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WELCOME TO ICPhS 2019
Welcome from the Chair of
the Organising Committee
for ICPhS 2019
On behalf of the Organising Committee, I am
very excited to welcome you to Melbourne and to
Australia for the 19th International Congress of
Phonetic Sciences! Melbourne is my beloved home
town, and in the words of our national anthem, “For
those who’ve come across the seas, we’ve boundless
plains to share”. We’re very grateful to those of you
who’ve made the long journey to be with us here today
and I hope you’ll take a little bit of time to explore
this beautiful and big country of ours. Whilst the
weather in Melbourne is not very inviting in August,
it is much better if you are able to travel “up North”.
Nonetheless, for those of you who appreciate the
cooler climes, Melbourne is wonderful in winter too,
with lots of cosy cafes and restaurants, as well as arts
and cultural venues and various sporting activities
(including our local Australian football). I also hope
that most of you will make time to go to the beach – it
is only a short tram ride from the congress venue and
a lovely chance to be with nature in an otherwise very
busy city.
Our congress themes for ICPhS 2019 are “Endangered
Languages” and “Major Language Varieties”.
Melbourne is the fastest growing city in Australia,
with migrants from all over the world; and although
English is the most widely-spoken language, there is
a very large variety of community languages spoken
here as well. We are also very proud in Australia of
our Aboriginal heritage; and although indigenous
communities in Australia suffered greatly as a result of
British settlement – leading to tremendous language
loss in certain regions – some strong language
communities and cultures remain despite invasion.
I am also pleased to note that ICPhS 2019 is being
supported by our “Kiwi cousins” in New Zealand, who
like us speak a “New World” variety of the English
language brought to us by the British settlers, as well
as te reo Māori, the indigenous language of New
Zealand.
I would like to express my gratitude to several
organisations which have been instrumental in
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bringing ICPhS to Melbourne in 2019. I would first
of all like to thank the Australasian Speech Science
and Technology Association, which celebrated its
30th anniversary in 2018, as well as the International
Phonetic Association; the two host organisations for
this flagship congress of the IPA. I would also like
to thank the various university sponsors – La Trobe
University, Macquarie University, Victoria University
of Wellington, Western Sydney University, and the
Australian Research Council Centre of Excellence for
the Dynamics of Language – for providing generous
funding from the outset. Their support gave us the
confidence to bring this event to you today. It is
the first time ICPhS is being held in the Southern
Hemisphere, and we hope that you will find it a most
memorable experience.
Marija Tabain

Chair – 19th ICPhS

Welcome from the President
of the Permanent Council of
the ICPhS
Dear colleagues,
On behalf of the Permanent Council for the
Organisation of the International Congress of
Phonetic Sciences, it is a great honour to welcome
you to the 19th International Congress of Phonetic
Sciences in Melbourne. It is the first time that the
Congress is being held in Australasia; indeed the first,
but hopefully not the last, time that the Congress is
taking place in the southern hemisphere. And about
time, too! Australian and New Zealand phonetics
have a long and rich tradition and work at a number
of different locations has built up a formidable
reputation of excellent phonetic research, not least for
the careful and comprehensive analysis of many of the
severely endangered indigenous languages, ranging
from traditional phonetic description to detailed
instrumental analysis. It is also very fitting therefore
that, for the first time, this Congress has an explicit
theme highlighting the importance, but also the
problems, of analysing and documenting endangered
languages both here and around the world.
Quantitatively, despite its name, the ICPhS has been
a European congress. With Montreal in 1971 and San
Francisco in 1999, the ICPhS only just managed 2 out
of 14 non-European venues in the 20th century. But
we are fast becoming statistically better. Including
San Francisco again, if I may, the last twenty years
have seen 50% of the ICPhS meetings being hosted
at non-European venues. It would be a good figure to
maintain. Regardless of location, though, the ICPhS
has always been an inclusive and, from its outset, a
strongly interdisciplinary congress, embracing not
only a large number of different colleagues from
around the world but, more importantly, bringing
together different disciplines and methodologies
to examine the production, transmission and
perception of speech. So, the words of Wilhelm
Horn in his opening address to the second ICPhS in
1935 are as relevant today as they have ever been:

“Vertreter der Naturwissenschaften und Vertreter
der Geisteswissenschaften reichen sich die Hand. Sie
haben verschiedene Ausgangspunkte, verschiedene
Ziele, verschiedene Methoden. Es ist für jeden
einzelnen wertvoll und reizvoll, die Fragestellung und
die Arbeitsweise der anderen kennen zu lernen.1” At
the same time, I hope that nowadays we analyse our
data and interpret our results a little more soberly
than some of our colleagues used to. In her analysis
of palate shape at the same congress, Kaiser makes
the somewhat sweeping remark, “[a]s a contribution
to the knowledge of the relation between speech
and personality I might say that about the speakers
with low palates there was, to me at least, something
simple and honest, whereas the other speakers gave
me the impression of being more complicated. This
would agree well with the statements that the high
palate is a mark of civilization and of neurosis.”
I would like to finish by expressing our heartfelt thanks
to the local organising committee, both on behalf of
the Permanent Council and, also on behalf of all of
those attending, for all the hard work that you have
put into preparing the Congress, work that started
well before the last meeting in Glasgow when the
initial bid to host the Congress was submitted. On top
of the administrative stamina needed to organise this
Congress, you have put together an exciting scientific
programme with almost 800 contributions from over
1,400 authors. I hope that you, and I am sure that the
rest of us, will profit from the fruits of your hard work.
Adrian P. Simpson

President of the Permanent Council
for the Organisation of the ICPhS

Representatives of the natural sciences and representatives of the humanities shake hands.
They have different starting points, different goals, different methods. It is valuable and
attractive for each individual to get to know the questions and working methods of the others.
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Welcome from the President
of the Australasian Speech
Science and Technology
Association (ASSTA)
On behalf of the Australasian Speech Science and
Technology Association (ASSTA) I would like say
g’day and to extend a very warm welcome to all
delegates, invited guests and friends attending
the 19th ICPhS in Melbourne 2019. A consortium of
phoneticians from eight universities across Australia
and New Zealand has been instrumental in bringing
the congress together. This dedicated band has
worked tirelessly over the past four years to create
an event that we believe will excite, engage and
enlighten in both expected and unexpected ways.
We have a very long tradition of excellence in
phonetic research in Australia and New Zealand. Our
professional body ASSTA was formed in 1988 with the
aim of advancing the understanding of speech science
and fostering interdisciplinary speech research. A
major focus of ASSTA is to bring together researchers
with a shared passion for phonetics. It is therefore a
great privilege to host the flagship congress of the
IPA and to invite researchers from across the globe
to attend the first ICPhS to be held in the Southern
Hemisphere.
ASSTA is committed to supporting not only
established researchers but to nurturing emerging
generations of speech scientists. ICPhS 2019 gives
students and early career researchers the opportunity
to engage with luminaries in the field, to experience
first-hand the exhilaration of lively discussion and
the exchange of cutting-edge ideas. We hope it also
engenders a sense of belonging to a community of
scholars and inspires future careers.
The United Nations General Assembly has declared
2019 the International year of Indigenous Languages
so it is fitting that ‘Endangered Languages’ is one
of the major themes of this congress. Tragically,
an estimated 90 per cent of Aboriginal and
Torres Strait Islander languages are endangered.
Phoneticians are making a positive contribution
to endangered languages in Australia and around
the world through careful phonetic documentation
and analysis, and engagement with communities
in an effort to help raise awareness of indigenous
languages and improve language preservation,
promotion and revitalisation.
The second congress theme ‘Major Language
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Varieties’ is also of importance in this part of the
world. Australia is a highly multicultural society and
home to a wide variety of migrant languages from
Europe, Asia, Africa and the Middle East. Of course,
Australian and New Zealand English are two ‘New
World’ Englishes, and te reo Māori, a language that is
being actively recovered and protected, is an official
language of New Zealand. We have a rich history
of phonetic research involving these interesting
varieties.
Those of you who have attended our biennial ASSTA
conference in the past – the Australasian International
Conference on Speech Science and Technology
(SST) – will know that a highlight of that event is the
‘Spectrogram Reading Competition’ which has been
a regular feature of the conference dinners for over
30 years. We are delighted to bring the ‘Spectrogram
Reading Competition’ to the 2019 ICPhS congress
dinner. The competition is fiercely fun and I know you
will get a kick out of the competitive spirit it unleashes
in even the mildest of phoneticians.
Conferences such as this would not be possible
without the generosity of many individuals and
organisations. We would like to thank our inspiring
keynote speakers, the scientific committee and
reviewers, institutional and corporate sponsors,
the organising committee, student helpers, our
professional conference organiser Arinex, and you,
our delegates, for supporting ICPhS in 2019.
We welcome you to Melbourne and hope that you
can explore parts of Australia (and hopefully make the
trip ‘across the ditch’ to New Zealand), to engage with
the locals and relax in this beautiful part of the world.
We trust that ICPhS will be remembered for ideas
exchanged, collaborations forged, exciting insights
and inspiration gained, but most importantly for old
friends reunited and new friendships made.
Felicity Cox

President of ASSTA
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Marita Everhardt; Anastasios Sarampalis; Matt Coler; Deniz Başkent; Wander Lowie
Perception of L2 lexical stress in words degraded by a cochlear implant simulation
Wience Wing-sze Lai
Use of Phonetic Cues by Hong Kong L1 Cantonese Learners in L2 English Word Stress Production and
Perception
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Mon 5th Aug 11:30, Room 218, Phonetics-phonology: Vowel acoustics at the
phonetics-phonology interface
Ane Icardo Isasa; Jose Ignacio Hualde
Paradigm Effects and Fuzzy Contrasts in Spanish Syllabification
Marjoleine Sloos; Jelske Dijkstra; Vincent van Heuven
Schwa deletion results in geminate formation in West-Frisian
Davide Garassino; Dalila Dipino
Vowel Length in Intemelian Ligurian. An experimental and cross-dialectal investigation
Lindsey Graham
Production and contrastiveness of Canadian Raising in Metro-Detroit English
Kaylin Smith
Vowel insertion in Scottish English liquid+nasal clusters: Boundary disputes and durational relations
Sejin Oh
Phonetic and phonological vowel reduction in Brazilian Portuguese

112
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137

Mon 5th Aug 11:30, Room 219, Production: Laryngeal articulation and voice quality
Alexis Dehais Underdown; Lise Crevier Buchman; Demolin Didier
Acoustico-physiological coordination in the Human Beatbox: A pilot study on the beatboxed classic kick
drum.
Lisa Davidson
Perceptual coherence of creaky voice qualities
Wei-rong Chen; D.H. Whalen; Mark Tiede
Mandibular contribution to vowel-intrinsic F0
Jingmin Lin; Scott Moisik
The Lingual Voice Quality Settings of Standard Singapore English and Singapore Colloquial English
Mayuki Matsui; Alexei Kochetov
Laryngeal coarticulation in two types of devoicing: An electroglottographic study of Russian and English

142
147
152
157

162

John Esling; Scott Moisik; Lise Crevier Buchman; Philippe Halimi
Putting the larynx in the vowel space: Studying larynx state across vowel quality using MRI

167

Mon 5th Aug 11:30, Room 220, Production: Tone
Zhi Yun Dawn Poh; Scott Moisik
A larnygeal ultrasound study of Singaporean Mandarin tones
Oi-Yee Ho; Jing Shao; Jinghua Ou; Sam-Po Law; Caicai Zhang
Congenital Amusia and Tone Merger: Perception and Production of Lexical Tones in Hong Kong
Cantonese
Li-Hsin Ning
High level tone is special: Vocal responses to pitch perturbation in Cantonese
Bin Li; Yihan Guan
Generational differences in production of a tonal contrast in Hong Kong Cantonese
Bijun Ling
How does phonetics interact with phonology during tone sandhi
Yan Sun; Chilin Shih
Anticipatory Tonal Coarticulation: How, When, and Why It Occurs

172
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Mon 5th Aug 16:00, Plenary 3, Special session: The perception-production link for
coarticulation
Organisers: Alan Yu; Georgie Zellou
Yue Zheng; Paul Iverson
Cross-language differences in the perception of fricative transitional cues: Behaviroual measures and
EEG
Anqi Xu; Peter Birkholz; Yi Xu
Coarticulation as synchronized dimension-specific sequential target approximation: An articulatory
synthesis simulation
Jiayin Gao; Jihyeon Yun; Takayuki Arai
VOT-F0 coarticulation in Japanese: production-biased or misparsing?
Andries Coetzee; Patrice Speeter Beddor; Will Styler; Stephen Tobin; Ian Bekker; Daan Wissing
Producing and perceiving socially indexed coarticulation in Afrikaans
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205
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Mon 5th Aug 16:00, Room 216, Special session: From voiced to whispered speech
Organisers: Marzena Żygis; Zofia Malisz
Scott Moisik; Michaela Hejná; John Esling
Abducted vocal fold states and the epilarynx: A new taxonomy for distinguishing breathiness and
whisperiness
Pauline Welby; Oliver Niebuhr
Segmental intonation information in French fricatives
Marzena Żygis; Susanne Fuchs
How prosody, speech mode and speaker visibility influence lip aperture
Zofia Malisz; Patrik Jonell; Jonas Beskow
The visual prominence of whispered speech in Swedish
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Mon 5th Aug 16:00, Room 217, Phonetics of L2: perception of segments
Alba Tuninetti; James Whang; Paola Escudero
Nonnative vowel perception in a 4IAX task: The effects of acoustic distance
240
Zhen Qin; Annie Tremblay; Jie Zhang
Influence of within-category tonal information in the recognition of Mandarin-Chinese words by native and
non-native listeners: an eye-tracking study
245
Xinchun Wang; Jidong Chen
English Speakers' Perception of Mandarin Consonants: The Effect of Phonetic Distances and L2

Experience
Sun-Young Lee; Mi-Jung Sung; Jeonghwa Cho; Ki-Chun Nam; Hyeon-Ae Jeon; Youngjoo Kim
L2 learners' neural sensitivity to the Korean stop sounds: the role of proficiency
Zhao Liu; Celia Gorba; Juli Cebrian
Effects of learning an additional language on VOT perception
Daniel Williams; Paola Escudero
Detecting phonetic variation versus phonemic differences
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Mon 5th Aug 16:00, Room 218, Speech corpora: diversity and variation
Yaru Wu; Cédric Gendrot; Martine Adda-Decker; Cécile Fougeron
Post-consonantal Word-final /R/ Realization in French: Contributions of Large Corpora
Ethan Sherr-Ziarko; Jieun Kiaer
A Prosodic Analysis of Intervening Objects in English Phrasal Verbs Using the British National Corpus

270

275
Paul Heggarty; Ludger Paschen; Cormac Anderson
Sound Comparisons: A New Online Database and Resource for Research in Phonetic Diversity
Alexei Kochetov; Laura Colantoni; Yoonjung Kang; Jeffrey Steele
Linguopalatal contact differences between /n/ and /t/ across six languages
Shinichiro Sano; Celeste Guillemot
The role of extra-linguistic factors in pitch range variation: A corpus study of spoken Japanese
Adèle Jatteau; Ioana Vasilescu; Lori Lamel; Martine Adda-Decker
Final devoicing of fricatives in French: Studying variation in large corpora with automatic alignment

280
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Mon 5th Aug 16:00, Room 219, Special session: Speech perception in
underrepresented populations
Organisers: Melissa Baese-Berk; Melinda Fricke; Marta Ortega-Llebaria; Amos Teo;
Seth Wiener
Amos Teo; Melissa Baese-Berk
Production and perception of focus in Sümi
Kathleen Jepson
The role of vowel and consonant duration in vowel length categorisation by Djambarrpuyŋu listeners
Myriam Lapierre; Susan Lin
Cues to Panãra nasal-oral stop sequence perception
Amelia Kimball; Hermann Keupdjio; Kathryn Franich
Expanding Field Studies Using Online Speech Perception Experiments

300
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Mon 5th Aug 16:00, Room 220, Special session: Prosody in New Englishes
Organisers: Elinor Payne; Olga Maxwell
Toby Hudson; Peggy Mok; Jane Setter
Nuclear Tones in Hong Kong and British English
Adam Chong; James Sneed German
Variability in tonal realisation in Singapore English intonation
Philipp Meer; Robert Fuchs
Pitch level, range, and dynamism in Trinidadian English: A comparative study with other varieties of
English
Donald White; Peggy Mok
L2 Speech Rhythm and Language Experience in New Immigrants

320
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Tue 6th Aug 09:00, Plenary 3, Sound change: production and perception
Koen Sebregts; Patrycja Strycharczuk
Contrast under pressure: The phonetics of Dutch past tense allomorphy
Ying Chen; Yaping Chen; Lei Wang; Jie Cui

339

Vowel Effects on the Perception of Nasal Place of Articulation in Wuxi Wu and Fuqing Min
344
Noam Amir; Einat Gonen; Yael Reshef; Evan Cohen
Evidence of recent sound change in Modern Hebrew: a shfit in vowel perception
349
Yuhan Lin; Yao Yao; Jin Luo
Effect of exposure on production and perception of ongoing level tone mergers in Hong Kong Cantonese
353

Tue 6th Aug 09:00, Room 216, Phonetic variation: General
James Scobbie; Joan Ma
Say again? Individual articulatory strategies for producing a clearly-spoken minimal pair wordlist
Antje Schweitzer; Wolfgang Wokurek; Peter Manfred Pützer
Convergence of Harmonic Voice Quality Parameters in Spontaneous Dialogues
Sky Onosson; Nicole Rosen; Lanlan Li
Ethnolinguistic Differentiation and the Canadian Shift
Adrian Leemann; Tam Blaxter; David Britain; Katherine Earnshaw
The FACE of change in English dialects: 1950 v 2018
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Tue 6th Aug 09:00, Room 217, Perception: Perceiving phonetic sequences
Phil Howson; Melissa Redford
Listener preference is for reduced determiners that anticipate the following noun
Emily Felker; Mirjam Ernestus; Mirjam Broersma
Evaluating dictation task measures for the study of speech perception
Harim Kwon; Ioana Chitoran
Perception of native consonant clusters with non-native phonetic patterns
Georgia Zellou; Bruno Ferenc Segedin
The distribution of coarticulatory variation influences perceptual adaptation
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Tue 6th Aug 09:00, Room 218, Production: Nasality
Chenhao Chiu; Yu-An Lu; Yining Weng; Shao-Jie Jin; Wei-Chen Weng; Tzu-Hsuan Yang
Uncovering syllable-final nasal merging in Taiwan Mandarin: An ultrasonographic investigation of tongue
postures and degrees of nasalization
Sarah Johnson; Ryan Shosted
Spontaneous nasalization in Thai: A case of velopharyngeal underspecification
Crous Hlungwani; Seunghun Lee
Phonetics of modal and breathy nasals in Xitsonga
Christopher Carignan; Phil Hoole; Esther Kunay; Jonathan Harrington; Arun Joseph; Jens Frahm
The phonetic basis of phonological vowel nasality: Evidence from real-time MRI velum movement in
German
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Tue 6th Aug 09:00, Room 219, Production: Lingual articulation and coarticulation 1
Daniel Recasens; Clara Rodríguez
The effect of voicing on tongue configuration for unaspirated stop sequences
Guillaume Faucher; Elham Karimi; Lucie Ménard; Catherine Laporte
Automatic palate delineation in ultrasound videos
Mark Tiede; Wei-rong Chen; D.H. Whalen
Taiwanese Mandarin sibilant contrasts investigated using coregistered EMA and Ultrasound
Eleanor Lawson; Gregory Leplatre; Jane Stuart-Smith; James Scobbie
The effects of syllable position on tongue shape and gestural magnitude in /l/ and /r/.
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Tue 6th Aug 09:00, Room 220, Prosody: Lexical tone and information structure
processing
Mengzhu Yan; Sasha Calhoun; Paul Warren
The role of prosody in priming alternatives in Mandarin Chinese

437

Angeliki Athanasopoulou; Irene Vogel; Chao Han; Yue Yuan
Confusability of Mandarin Tone 3 and Tone 4: effects of focus and syllable position
Chie Nakamura; Jesse Harris; Sun-Ah Jun
Listeners' beliefs influence prosodic adaptation: Anticipatory use of contrastive accent during visual
search
Ryan Bennett; Robert Henderson; Meg Harvey
The interaction of tone and intonation in Uspanteko

442
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Tue 6th Aug 12:00, Plenary 3, Sound change: splits and mergers
Valerie Freeman
Prevelar merger in production vs. perception
Robert Xu
Ongoing change of PIN/PEN vowels in California's Central Valley
Yihan Guan
Nasal coda realisation in speech production of Shanghai Mandarin
Yu-Ying Chuang; Ching-Chu Sun; Janice Fon; R. Harald Baayen
Geographical variation of the merging between dental and retroflex sibilants in Taiwan Mandarin
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Tue 6th Aug 12:00, Room 216, Speech Technology
Amelia Gully; Benjamin Tucker
Modeling Voiced Stop Consonants using the 3D Dynamic Digital Waveguide Mesh Vocal Tract Model
477
Na-Young Ryu; Yoonjung Kang
Web-based high variability phonetic training on L2 coda identification
482
Zofia Malisz; Gustav Eje Henter; Cassia Valentini-Botinhao; Oliver Watts; Jonas Beskow; Joakim Gustafson
Modern speech synthesis for phonetic sciences: a discussion and an evaluation
487
Grzegorz Krynicki; Katarzyna Dziubalska-Kołaczyk; Jarosław Weckwerth; Grzegorz Michalski; Kamil
Kaźmierski ; Barbara Maciejewska; Bozena Wiskirska-Woźnica; Marzena Żygis; Wieslaw Kuczko; Alicja
Sekuła
Automatic English phoneme recognition from articulatory data generated by electropalatography systems
with grid and anatomic layout of contact sensors
492

Tue 6th Aug 12:00, Room 217, Prosody and pragmatics
Haruo Kubozono; Ai Mizoguchi
The Phonetics and Phonology of Vocative Intonation in Tokyo Japanese
497
Roger Yu-Hsiang Lo; Angelika Kiss; Maxime Tulling
The prosodic properties of the Cantonese sentence-final particles aa1 and aa3 in rhetorical wh-questions
502
Lou Lee; Katarina Bartkova; Denis Jouvet; Mathilde Dargnat; Yvon Keromnes
Can prosody meet pragmatics? Case of discourse particles in French
507
Jeffrey Geiger; Ming Xiang
Production of deaccenting under repetition, entailment, and bridging: Phonetic and perceptual
comparisons
512

Tue 6th Aug 12:00, Room 218, Phonation and tone
Marc Brunelle; Thành Tấn Tạ; James Kirby; Lư Giang Đinh
Obstruent devoicing and registrogenesis in Chru
Minh-Chau Nguyen; Lise Crevier-Buchman; Didier Demolin; Alexis Michaud
A glottalized tone in Muong (Vietic): A pilot study based on audio and electroglottographic recordings
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522
Aletheia Cui; Jianjing Kuang
The Effect of Musicality on Cue Selection in Pitch Perception by English and Mandarin Speakers
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Katherine Dallaston; Gerard Docherty
Estimating the prevalence of creaky voice: a fundamental frequency-based approach
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Tue 6th Aug 12:00, Room 219, Production: Lingual articulation and coarticulation 2
Chakir Zeroual; Phil Hoole; Adamantios Gafos
Vowel-to-consonant coarticulation in Moroccan Arabic
D. H. Whalen; Jaekoo Kang; Rion Iwasaki; Ghada Shejaeya; Boram Kim; Kevin Roon; Mark K. Tiede;
Jonathan L. Preston; Emily Phillips; Tara McAllister; Suzanne E. Boyce
Accuracy assessments of hand and automatic measurements of ultrasound images of the tongue
Eleanor Lawson; Jane Stuart-Smith
The effects of syllable and sentential position on the timing of lingual gestures in /l/ and /r/
Daniil Kocharov; Vera Evdokimova
Within-word articulatory effect of vowel rounding
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Tue 6th Aug 12:00, Room 220, Prosody: Interacting channels of speech – tune and
text
Jeremy Steffman; Sun-Ah Jun
Effects of prosodic structure versus durational context on the perception of segmental categories: The
case of focus realization
Martine Grice; Michelina Savino; Timo B Roettger
Tune-text negotiation: The effect of intonation on vowel duration
Marina Vigario; Marisa Cruz; Sonia Frota
Why tune or text? The role of the language phonological profile in the choice of strategies for tune-text
adjustment
Francesco Cangemi; Aviad Albert; Martine Grice
Modelling intonation: Beyond segments and tonal targets
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Tue 6th Aug 14:00, Plenary 3, Special session: Dynamics of vowels in varieties of
English
Organisers: Peggy Renwick; Ewa Jacewicz
Felicity Cox; Sallyanne Palethorpe
Vowel variation in a standard context across four major Australian cities
Jason Shaw; Catherine Best; Gerard Docherty; Bronwen Evans; Paul Foulkes; Jennifer Hay; Karen Mulak
An information theoretic perspective on perceptual structure: cross-accent vowel perception
Daniel Williams; Jaydene Elvin; Paola Escudero; Adamantios Gafos
Multidimensional variation in English diphthongs
Anne Helen Fabricius
The Anticlockwise Checked Vowel Chain Shift in modern RP in the twentieth century: Incrementations
and diagonal shifts
Marton Soskuthy; Jennifer Hay; James Brand
Horizontal diphthong shift in New Zealand English
Amanda Cole; Patrycja Strycharczuk
The PRICE-MOUTH crossover in the "Cockney diaspora"
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Tue 6th Aug 14:00, Room 216, Forensic phonetics and speaker characteristics:
Variability and speaker-specificity
Meike de Boer; Willemijn Heeren
The Speaker-Specificity of Filled Pauses: A Cross-Linguistic Study
Laura Smorenburg; Willemijn Heeren
Speaker Variation in Dutch /x/ and /s/ as a Function of Syllabic Position and Lip-Rounding
Honglin Cao; Volker Dellwo
The role of the first five formants in three vowels of Mandarin for forensic voice analysis

607
612
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Tue 6th Aug 14:00, Room 217, Prosody: Rhythm and tempo
Michael O'Dell; Tommi Nieminen
Syllable Rate, Syllable Complexity and Speech Tempo Perception in Finnish
Leendert Plug; Robert Lennon; Rachel Smith
Measured and perceived speech tempo: Canonical vs surface syllable and phone rates
Kathryn Franich; Sreeparna Sarkar
Effects of Rhythmicity on Speech Perception in Speech and Musical Contexts
Jungyun Seo; Sahyang Kim; Haruo Kubozono; Taehong Cho
Interaction between rhythmic structure and preboundary lengthening in Japanese

622
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Tue 6th Aug 14:00, Room 218, Laboratory Phonology: Plosives
Jose Ignacio Hualde; Ander Beristain; Ane Icardo Isasa; Jennifer Zhang
Lenition of word-final plosives in Basque
Jae-Hyun Sung
Phonetic Reduction and Enhancement in Conversational Korean Stops
Jason Bishop; Sejin Oh; Chen Zhou
Final devoicing in Bulgarian: incomplete neutralization and L2 experience
Mira Oh; Dahee Kim
Shortening of Voice Onset Times in Korean aspirates: Phonetic OCP or Timing regulation?

642
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Tue 6th Aug 14:00, Room 219, Special session: Articulatory and acoustic uniformity
in phonetic structure
Organisers: Matthew Faytak; Eleanor Chodroff
Eleanor Chodroff; Melissa Baese-Berk
Constraints on variability in the voice onset time of L2 English stop consonants
James Tanner; Morgan Sonderegger; Jane Stuart-Smith
Structured speaker variability in spontaneous Japanese stop contrast production
Kakeru Yazawa; Mariko Kondo
Acoustic characteristics of Japanese short and long vowels: Formant displacement effect revisited
Jason Shaw; Karthik Durvasula; Alexei Kochetov
The temporal basis of complex segments
Josef Fruehwald
Is Phonetic Target Uniformity Phonologically, or Sociolinguistically Grounded?
Livia Oushiro
Linguistic uniformity in the speech of Brazilian internal migrants in a dialect contact situation
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Tue 6th Aug 14:00, Room 220, Special session: Modeling meaning-bearing
configurations of prosodic features
Organisers: Oliver Niebuhr; Nigel Ward
Lydia Dorokhova; Mariapaola D'Imperio
Rise dynamics determines tune perception in French: the case of questions and continuations.
Chenzi Xu
Characterising Intonation in Plastic Mandarin Using Polynomial Modelling
Georg Lohfink; Argyro Katsika; Amalia Arvaniti
Variability and category overlap in the realization of intonation
Yu-yin Hsu; Anqi Xu
Focus Acoustics and Prosodic Organization in Hong Kong Cantonese and Taiwan Mandarin
Helen Gent
F0 as a Cue for Irony in Spontaneous Speech
Ethan Sherr-Ziarko
The Role of Prosody in the Perception of Formality in Japanese
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Tue 6th Aug 15:05, Room 216, Forensic phonetics and speaker characteristics:
Methodology 1
Isolde Wagner
Examples of Casework in Forensic Speaker Comparison
Helen Fraser
How 'enhanced' forensic audio is evaluated in criminal trials: What if all that really gets enhanced is the
credibility of a misleading transcript?
Kirsty McDougall; Richard Rhodes; Martin Duckworth; Peter French; Christin Kirchhuebel
Application of the 'TOFFA' framework to the analysis of disfluencies in forensic phonetic casework
Patricia Keating; Jody Kreiman; Abeer Alwan
A new speech database for within- and between-speaker variability

721
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Tue 6th Aug 15:05, Room 218, Speech acoustics: Nasals and nasalization
Marissa Barlaz; Ryan Shosted; Brad Sutton
The effect of velopharyngeal aperture on acoustic measures
Eleanor Lewis
New Caledonian French nasal vowels: An acoustic study
Jiahong Yuan; Hui Lin; Yang Liu
Nasal Coarticulation in L1 and L2 English Speech: A Large-scale Study
Kevin McGowan; Michael Johnson; Aleah Combs; Mohammad Soleymanpour
Acoustic, non-invasive measurement of velopharyngeal aperture using a high frequency tone
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Wed 7th Aug 09:00, Plenary 3, Sound change: Social factors in phonetic change
María Del Saz
From postaspiration to affrication: New phonetic contexts in Western Andalusian Spanish
Wim van Dommelen
Is the voiceless palatal fricative disappearing from spoken Norwegian?
Jose A Mompean
Diachronic change in /r/-sandhi? A real-time study at community and individual levels
Rachel Steindel Burdin
Religion and Sound Change in Eastern New England English
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Wed 7th Aug 09:00, Room 216, Forensic phonetics and speaker characteristics:
Methodology 2
Michael Carne; Shunichi Ishihara
Disyllabic parameterisation of Vietnamese tonal F0 trajectories in likelihood ratio-based forensic voice
comparison
Robert Lennon; Leendert Plug; Erica Gold
A comparison of multiple speech tempo measures: Inter-correlations and discriminating power
Emmanuel Ferragne; Cédric Gendrot; Thomas Pellegrini
Towards phonetic interpretability in deep learning applied to voice comparison
Katharina Klug; Christin Kirchhübel; Paul Foulkes; Peter French
Analysing breathy voice in forensic speaker comparison: Using acoustics to confirm perception
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Wed 7th Aug 09:00, Room 218, Speech acoustics: clarity and noise
Amelia Gully; Paul Foulkes; Peter French; Philip Harrison; Vincent Hughes
The Lombard Effect in MRI Noise
Outi Tuomainen; Valerie Hazan; Linda Taschenberger
Speech communication in background noise: effects of aging
Azza Al Kendi; Ghada Khattab
Acoustic Properties of Foreigner Directed Speech
Valerie Hazan; Outi Tuomainen; Jeesun Kim; Chris Davis
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The effect of visual cues on clear speech adaptations by older and young adults in a collaborative task
815

Wed 7th Aug 09:00, Room 219, Laboratory Phonology: Gestural timing
Jiyoung Lee; Sahyang Kim; Taehong Cho
Effects of morphological structure on intergestural timing in different prosodic-structural contexts in
Korean
820
Nicola Klingler; Felicitas Kleber; Markus Jochim; Michael Pucher; Stephan Schmid; Urban Zihlmann
Temporal organization of vowel plus stop sequences in production and perception: evidence from the
three major varieties of German
825
Sarah Harper
The Relationship Between Gestural Timing and Magnitude for American English /l/ Across Speech Tasks
830
Hyunjung Joo; Jiyoung Jang; Ye Won Hong; Sahyang Kim; Taehong Cho; Anne Cutler
Prosodic structural effects on coarticulatory vowel nasalization in Australian English in comparison to
American English
835

Wed 7th Aug 09:00, Room 220, Prosody: Prominence and deaccentuation
Kiwako Ito; Elizabeth Kryszak
Responses to prosodic emphasis in children with Autism Spectrum Disorder
Jillian Adkins; Christina Gildersleeve-Neumann; Melissa Redford
Investigating metrical context effects on anticipatory coarticulation in connected speech development
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845
Argyro Katsika; Karen Tsai
The scope of prominence-induced lengthening in Greek
Elenmari Pletikos Olof; Julian Bradfield
Standard Croatian pitch accent: fact and fiction
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Wed 7th Aug 14:00, Plenary 3, Sociophonetics:Prosodic variation
Jeesun Kim; Chris Davis
Investigating distinctiveness and individual variation in the expression of visual prosodic attitudes
Scott Moisik; Zhi Yun Dawn Poh; Dan Dediu
Active adjustment of the cervical spine during pitch production compensates for shape: The ArtiVarK
study
Anna Bothe Jespersen
All rise? The perception of falls, rise-plateaux and simple rises in Belfast English
Yolanda Holt; Ewa Jacewicz; Robert Fox
Sociocultural influences on fundamental frequency in vowels: The case of African American English
Beat Siebenhaar; Matthias Hahn
Vowel space, speech rate and language space
Yu Chen; Ting Wang
The effect of pitch on emotional prosody perception: evidence from behavioral experiments on autistic
children and typically developing adolescents
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Wed 7th Aug 14:00, Room 216, Applications of phonetics in clinical management
Hao Zhang; Jing Zhang; Hongwei Ding; Gang Peng
Bimodal benefit in categorical perception of lexical tones for Mandarin-speaking children with cochlear
implants
Jacob B. Phillips; Lenore A. Grenoble; Giovanna Hooton; Peggy Mason
The role of somatosensation in perceptual recalibration from speech imagery
Susan Lin; Margaret Cychosz; Alice Shen; Emily Cibelli
The effects of phonetic training and visual feedback on novel contrast production

889
894
899

Frits van Brenk; Kris Tjaden; Alexander Kain
Identifying Acoustic Causes of Speaker-Dependent Variation in Slowed Speech Intelligibility: A
Hybridization Approach
904
Yan Feng; Yaru Meng; Gang Peng
The categorical perception of Mandarin tones in normal aging seniors and seniors with Mild Cognitive
Impairment
909
Klaske van Sluis; Rob van Son; Marijn Kapitein; Paul Boersma
The acoustic contrast between the Dutch consonants /t/ and /d/ is reduced in tracheoesophageal speech.
914

Wed 7th Aug 14:00, Room 217, Phonetics of L2: training
Lok Gi Iris Law; Izabelle Grenon; Chris Sheppard; John Archibald
Which is better: Identification training or discrimination training for the acquisition of an English coda
contrast
Haoyu Zhang; Yusuke Inoue; Daisuke Saito; Nobuaki Minematsu; Yutaka Yamauchi
Computer-aided high variability phonetic training to improve robustness of learners' listening
comprehension
Juli Cebrian; Angelica Carlet; Celia Gorba; Nuria Gavaldà
Perceptual training affects L2 perception but not cross-linguistic perceived similarity
Joanne Jingwen Li; Samantha Ayala; Douglas Shiller; Tara McAllister
Predictors of L2 vowel learning success under biofeedback training
Daniel Tiong Jin Wee; Izabelle Grenon; Chris Sheppard; John Archibald
Identification and discrimination training yield comparable results for contrasting vowels
Angelica Carlet
Different high variability procedures for training L2 vowels and consonants
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Wed 7th Aug 14:00, Room 218, Phonetics of L2: consonant production
Veronica Miatto; Silke Hamann; Paul Boersma
Self-reported L2 input predicts phonetic variation in the adaptation of English final consonants into Italian
949
Magdalena Wrembel; Ulrike Gut; Iga Krzysik; Halina Lewandowska; Anna Balas
Acquisition of rhotics by multilingual children
Amy Hutchinson; Olga Dmitrieva
Stability of individual patterns in learning a second language voicing contrast
Mark Amengual; Lizzie Meredith; Talia Panelli
Static and dynamic phonetic interactions in the L2 and L3 acquisition of Japanese velar voiceless stops

954
959

964
Anne Bonneau
German obstruent sequences by French L2 learners
Christine Graeppi; Adrian Leemann
Between-speaker variation in English learners' realisation of dental fricatives
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Wed 7th Aug 14:00, Room 219, Special session: Phoneticians in partnership with
communities in language revitalization and maintenance
Organisers: Sonya Bird; Rosey Billington
Gloria Mellesmoen; Marianne Huijsmans
The Relationship Between Pronunciation and Orthography: Using Acoustic Analysis as a Practical
Illustration of ʔayʔaǰuθəm (Comox-Sliammon) Vowel Quality
Sky Onosson; Sonya Bird
Differences in Vowel-Glide Production Between L1 and L2 Speakers of Hul'q'umi'num'
Hywel Stoakes; Catherine Watson; Peter Keegan; Margaret Maclagan; Jeanette King; Ray Harlow

979
984

The Dynamics of Closing Diphthong Formant Trajectories in Te Reo Maori
989
Ailbhe Ní Chasaide; Neasa Ní Chiaráin; Harald Berthelsen; Christoph Wendler; Andy Murphy; Emily Barnes;
Christer Gobl
Leveraging phonetic and speech research for Irish language revitalisation and maintenance
994

Wed 7th Aug 14:00, Room 220, Prosodic boundaries
Marzena Żygis; John Tomlinson; Caterina Petrone; Dominik Pfütze
Acoustic cues of prosodic boundaries in German at different speech rates
Yoko Mori
Length-dependent prosodic phrasing in Japanese sentences
Kei Furukawa; Yuki Hirose
Boundary-Driven Downstep in Japanese
Tina Bögel; Alice Turk
Frequency effects and prosodic boundary strength
Jonny Jungyun Kim; Yuna Baek; Taehong Cho; Sahyang Kim
Preboundary lengthening and boundary-related spatial expansion in Korean
Jiseung Kim
Individual differences in the production of prosodic boundaries in American English
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Wed 7th Aug 16:00, Plenary 3, Special session: Social priming in speech production
and perception
Organisers: Jen Hay; Katie Drager
Dominique A. Bouavichith
The role of socioindexical expectation in the perception of gay male speech
Eric Wilbanks
Modeling the influence of confidence in social cues during speech perception using gaussian mixture
models
Dominique A. Bouavichith; Ian Calloway; Justin T. Craft; Tamarae Hildebrandt; Stephen J. Tobin; Patrice
Speeter Beddor
Perceptual influences of social and linguistic priming are bidirectional
Molly Babel; Gloria Mellesmoen
Perceptual adaptation to stereotyped accents in audio-visual speech
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Wed 7th Aug 16:00, Room 216, Workshop: Quantitative approaches for
characterizing atypical speech
Organisers: Michael Proctor; Martijn Weiling; Mark Tiede; Lucie Ménard; Christina
Hagedorn; Eric S. Jackson
Anna Marczyk; Maria-Josep Solé
Covariation of acoustic cues for voicing in aphasia and apraxia of speech
1049
Marisha Speights Atkins; Suzanne Boyce; Joel MacAuslan; Noah Silbert
Computer-assisted Syllable Complexity Analysis of Continuous Speech as a Measure of Child Speech
Disorder
1054
Jue Yu; Meiqi Zhang
Lexical-tone production in prelingually deafened Mandarin-speaking children with cochlear implants
1059
Ajish Kuriakose Abraham; Pushpavathi M; Sreedevi N; Navya A
Exploring Acoustic Measures of Vowels (VSA, FCR3, VAI4, and VFR) in Children with Hearing
Impairment
1064
Jidde Jacobi; Teja Rebernik; Roel Jonkers; Ben Maassen; Michael Proctor; Martijn Wieling
The Effect of Levodopa on Vowel Articulation in Parkinson's Disease: A Cross-Linguistic Study
1069
Sarah Li; Hannah Woeste; Sarah Dugan; T. Douglas Mast; Michael A Riley; Colin Annand; Jack Masterson;
Neeraja Mahalingam; Kathryn Eary; Caroline Spencer; Suzanne Boyce

Differentiating Normal vs Misarticulated Tongue Trajectories from Ultrasound for Fast Automatic
Articulatory Feedback

1074

Wed 7th Aug 16:00, Room 217, Phonetics of L2: vowel production
Elinor Payne; Olga Maxwell; Ben Volchok
Tense-lax contrasts in Indian English vowels: transfer effects from L1 Telugu at the phonetics-phonology
interface
1079
Fabian Santiago; Paolo Mairano
Prosodic Effects on L2 French vowels: a corpus-based investigation
1084
Qian Wang
Stylistic Variation in Vowel Production: Evidence from China English
1089
Aurora Troncoso-Ruiz; Mirjam Ernestus; Mirjam Broersma
Learning to produce difficult L2 vowels: the effects of awareness-raising, exposure and feedback
1094
Laura Cummings
North Midland /u/-fronting and its Effect on Heritage Speakers of Spanish
1099
Paolo Mairano; Caroline Bouzon; Marc Capliez; Valentina De Iacovo
Acoustic distances, Pillai scores and LDA classification scores as metrics of L2 comprehensibility and
nativelikeness
1104

Wed 7th Aug 16:00, Room 218, Phonetic typology
Alexei Kochetov; Paul Arsenault; Jan Heegård Petersen
A preliminary acoustic investigation of Kalasha retroflex (rhotic) vowels
Jianjing Kuang
Contextual variation of glottalic stops in Q'anjob'al
San-Hei Kenny Luk; Daniel Pape
Effects of acoustic manipulation on the perceptual stability of Canadian English isolated sibilants
Shelece Easterday
Manner of articulation patterns in word-initial biconsonantal sequences: the effect of morphological
context
Wai-Sum Lee
Typology of the syllable-initial consonants in the Chinese dialects
Klaas Seinhorst; Paul Boersma; Silke Hamann
Iterated distributional and lexicon-driven learning in a symmetric neural network explains the emergence
of features and dispersion

1109
1114
1119

1124
1129

1134

Wed 7th Aug 16:00, Room 219, Speech acoustics: vowels and sonorants
Pärtel Lippus; Eva Liina Asu
The timing and quality of diphthong components in spontaneous Estonian
Joppe Anna Pelzer; Paul Boersma
Diphthongization in three regional varieties of Swedish
Sarah Bakst; Caroline Niziolek
Does schwa have an auditory target? An altered auditory feedback study
Katrin Leppik; Pärtel Lippus; Eva Liina Asu
The production of Estonian vowels in three quantity degrees by Spanish L1 speakers
David Weenink
Fourier without formulas
Mitko Sabev; Elinor Payne
A cross-varietal continuum of unstressed vowel reduction: evidence from Bulgarian and Turkish

Wed 7th Aug 16:00, Room 220, Speech acoustics: Phonation and laryngeal quality
Titia Benders; Katherine Demuth
The learnability of the Nepali four-way stop-voicing contrast: Three categories are learnable despite

1139
1144
1149
1154
1159
1164

hypo-articulation, but the fourth is adrift.
Amanda Dalola; Keiko Bridwell
The Shape of [u]: Towards a Typology of Final Vowel Devoicing in Continental French
Celeste Guillemot; Seunghun Lee; Fuminobu Nishida
An acoustic and articulatory study of Drenjongke fricatives
Katerina Nicolaidis; Anna Sfakianaki; George Vlahavas; George Kafentzis
An acoustic study of Greek voiceless stops
Megan Keough; Donald Derrick; Ryan C. Taylor; Bryan Gick
Learning effects in multimodal perception with real and simulated faces
Yingyi Zhou; James Kirby
An Acoustic Study of Zhajin Gan Tone

1169
1174
1179
1184
1189
1193

Thu 8th Aug 12:00, Plenary 3, Sociophonetics: Sociophonetic perception
Tessa Bent; Yolanda Holt
The influence of regional dialect variation on race categorization
William L. Schuerman; James M. McQueen; Antje Meyer
Speaker statistical averageness modulates word recognition in adverse listening conditions
Jessica Nicholas; Zsuzsanna Fagyal; Christopher Carignan
What's with your nasals? Perception of nasal vowel contrasts in two dialects of French
Robert Fox; Ewa Jacewicz
Perceptual separation of spectrally overlapping vowels

1198
1203
1208
1213

Thu 8th Aug 12:00, Room 216, Phonetic psycholinguistics: General
Peter Hendrix; Ching Chu Sun
A time-to-event analysis of auditory lexical decision data
Ryan Rhodes; Chao Han; Arild Hestvik
Ad Hoc Phonetic Categorization and Prediction
Sieb Nooteboom; Hugo Quené
Testing a theory of repairing segmental speech errors
Yu-Ying Chuang; Marie-lenka Vollmer; Elnaz Shafaei-Bajestan; Susanne Gahl; Peter Hendrix; R. Harald
Baayen
On the processing of nonwords in word naming and auditory lexical decision

1218
1223
1228

1233

Thu 8th Aug 12:00, Room 217, Phonetics of L2: perception and production
Annie Bergeron; Pavel Trofimovich
Second language learners' appreciation, perception, and production of Québec French features
1238
Jieun Song; Luke Martin; Paul Iverson
Native and non-native speech recognition in noise: Neural measures of auditory and lexical processing
1243
Charlie Nagle
Perception, imitation, and production: Exploring a three-way perception-production link
1248
Charlotte Vaughn; Melissa Baese-Berk
Effects of talker order on accent ratings
1253

Thu 8th Aug 12:00, Room 218, Speech corpora: analysing large corpora
Jeff Mielke; Erik R. Thomas; Josef Fruehwald; Michael McAuliffe; Morgan Sonderegger; Jane Stuart-Smith;
Robin Dodsworth
Age vectors vs. axes of intraspeaker variation in vowel formants measured automatically from several
English speech corpora
1258
Khia Johnson
Probabilistic reduction in Spanish-English bilingual speech
1263
Charles Redmon; Seulgi Shin; Panying Rong

KU-ArtLex: A single-speaker EMA database for modeling the articulatory structure of the lexicon
1268
Jane Stuart-Smith; Morgan Sonderegger; Rachel Macdonald; Jeff Mielke; Michael McAuliffe; Erik Thomas
Large-scale acoustic analysis of dialectal and social factors in English /s/-retraction
1273

Thu 8th Aug 12:00, Room 219, AusPhon: Phonetics and phonology of Australian and
Oceanic languages
Michael Carne; Juqiang Chen; Ellison Luk; Sydney Strangeways; Clara Stockigt; Robert Mailhammer; Mark
Harvey
Rhotic contrasts in Arabana
1278
Rikke Bundgaard-Nielsen; Carmel O'Shannessy
A happy marriage: the stop and the affricate inventory of the mixed language Light Walpiri (Australia)
1283
Caroline Crouch
Acoustic properties of the lateral contrast in Ninde
1288
Tihomir Rangelov
The bilabial trills of Ahamb (Vanuatu): acoustic and articulatory properties
1292

Thu 8th Aug 12:00, Room 220, Prosody: Annotation and analysis of intonation
Frank Kügler; Stefan Baumann; Bistra Andreeva; Bettina Braun; Martine Grice; Jana Neitsch; Oliver Niebuhr;
Jörg Peters; Christine T. Röhr; Antje Schweitzer; Petra Wagner
Annotation of German Intonation: DIMA compared with other annotation systems
1297
Byron Ahn; Stefanie Shattuck-Hufnagel; Nanette Veilleux
Annotating Prosody with PoLaR: Conventions for a Decompositional Annotation System
1302
Antoin Eoin Rodgers
The effects of anacrusis and footsize on prenuclear pitch accents in northern Irish English (Derry City)
1307
Constantijn Kaland; Stefan Baumann
Different functions of phrase-final F0 movements in spontaneous Papuan Malay
1312

Thu 8th Aug 14:00, Plenary 3, Workshop: Scaling up phonetic analysis for the 21st
century: Tools
Organisers: Jane Stuart-Smith; Morgan Sondegger; Yvan Rose
Raphael Winkelmann; Jonathan Harrington
EMU-SDMS: R centric semi-automatic speech database processing and analysis
1317
Michael McAuliffe; Arlie Coles; Michael Goodale; Sarah Mihuc; Michael Wagner; Jane Stuart-Smith; Morgan
Sonderegger
ISCAN: a system for integrated phonetic analyses across speech corpora
1322
Robert Fromont
Forced alignment of different language varieties using LaBB-CAT
1327
Cedric Gendrot; Emmanuel Ferragne; Thomas Pellegrini
Deep learning and voice comparison : phonetically-motivated vs. automatically-learned features
1332
Patrycja Strycharczuk; Georgina Brown; Adrian Leemann; David Britain
Investigating the FOOT-STRUT distinction in Northern Englishes using crowdsourced data
1337

Thu 8th Aug 14:00, Room 216, Phonetic psycholinguistics: Cross-language
Laurence Bruggeman; Anne Cutler
The dynamics of lexical activation and competition in bilinguals' first versus second language
Kaori Sugiura; Tomoko Hori
Effect of Repeating Rhythmic Beats of Short Sentences on L2 Pronunciation of Japanese Learners of
English
Shuangshuang Hu; Ao Chen; René Kager
The role of pitch dimensions in non-word learning by Dutch and Mandarin listeners

1342

1347
1352

Ching-Chu Sun; Peter Hendrix
N-gram frequency effects on speech production in Mandarin Chinese
Mónica Wagner; Mirjam Broersma; James McQueen; Kristin Lemhöfer
Imitating speech in an unfamiliar language and an unfamiliar non-native accent in the native language

1357

1362
Rory Turnbull; Sharon Peperkamp
Across-language priming in bilinguals: Does English bet prime French bête?

1367

Thu 8th Aug 14:00, Room 217, Special session: Phonetics of contact languages
Organisers: Nicole Rosen; Jesse Stewart
Nicole Rosen; Jesse Stewart; Michele Pesch-Johnson; Olivia Sammons
Michif VOT
Stanislav Mulík; Mark Amengual; Gloria Avecilla-Ramírez; Haydée Carrasco-Ortíz
An acoustic description of the vowel system of Santiago Mexquititlán Otomi (Hñäñho)
Robert Fuchs
Almost [w]anishing: The elusive /v/-/w/ contrast in Educated Indian English
Jie Cui
Initial simplification in Ho Ne: A Case of Ethnography-Informed Variationist Study in an Endangered
Language Community

1372
1377
1382

1387

Thu 8th Aug 14:00, Room 218, Phonetic Neurolinguistics
Terri Scott; Laura Haenchen; Ayoub Daliri; Julia Chartove; Frank Guenther; Tyler Perrachione
Speech motor adaptation during perturbed auditory feedback is enhanced by noninvasive brain
stimulation
1392
Liquan Liu; Varghese Peter; Gabrielle Weidemann
A bilingual advantage in infant pitch processing
1397
David Morris; John Tøndering; Nicolai Pharao
The effect of attention on electrophysiological measures of syllable processing: contrastive features
sorted according to secondary contrasts
1402
Helene Loevenbruck; Romain Grandchamp; Lucile Rapin; Marcela Perrone-Bertolotti; Cédric Pichat; Célise
Haldin; Emilie Cousin; Jean-Philippe Lachaux; Marion Dohen; Pascal Perrier; Maëva Garnier
Neural correlates of inner speaking, imitating and hearing: An fMRI study
1407
Jeffrey E. Kallay; Ulrich Mayr; Melissa A. Redford
Characterizing the Coordination of Speech Production and Breathing
1412
Ja Young Choi; Tyler Perrachione
Rapid adaptation to talker-specific phonetic detail is disrupted by noninvasive brain stimulation
1417

Thu 8th Aug 14:00, Room 219, Lesser documented languages: The phonetic
structures of indigenous languages of the Asia-Pacific and South America
Sean Flamand; Darby Douros; Alan Yu
An acoustic study of vowel harmony in Washo
1422
Daniela Mena; Mauricio A. Figueroa Candia; Brandon Rogers; Gastón Salamanca
Losing one allophone at a time: an acoustic and statistical study on Mapudungun's sixth vowel
1426
Yoshio Saito; Yurong; Kikuo Maekawa
An Investigation into Modern Mongolian Vowel Harmony Using Real-time Magnetic Resonance Imaging
1431
Rael Stanley; David Bradley; Defen Yu; Marija Tabain
An Acoustic Study of Vowels in Northern Lisu
1435
Matthew Faytak; Jennifer Kuo; Shunjie Wang
Lingual articulation of the Suzhou Chinese labial fricative vowels
1440
Seunghun Lee; Shigeto Kawahara; Céleste Guillemot; Tomoko Monou

The acoustic correlates of the four-way laryngeal contrast in Dränjongke stops

1445

Thu 8th Aug 14:00, Room 220, Workshop: Interpreting acoustic measurements of
voice quality
Organisers: Lisa Davidson; Marc Garellek
Jia Tian; Yipei Zhou; Jianjing Kuang
Cross-linguistic Variation in the Phonetic Realization of Breathy Voice
Vincent Hughes; Amanda Cardoso; Paul Foulkes; Peter French; Amelia Gully; Philip Harrison
Forensic voice comparison using long-term acoustic measures of laryngeal voice quality
Yoonjeong Lee; Jody Kreiman
Within and between speaker variation in voices
Yaqian Huang
The role of creaky voice attributes in Mandarin tonal perception

1450
1455
1460
1465

Thu 8th Aug 16:00, Plenary 3, Sociophonetics: Experimental sociophonetics
Angelika Braun; Christiane Schulz; Astrid Schmiedel
Asperger autism and irony - a perception experiment
Iona Gessinger; Bernd Möbius; Nauman Fakhar; Eran Raveh; Ingmar Steiner
A Wizard-of-Oz Experiment to Study Phonetic Accommodation in Human-Computer Interaction
Jennifer Nycz
Linguistic and Social Factors Favoring Acquisition of Contrast in a New Dialect
Anne Cutler; LauraAnn Burchfield; Mark Antoniou
A criterial interlocutor tally for successful talker adaptation?

1470
1475
1480
1485

Thu 8th Aug 16:00, Room 216, Multimodal phonetics: Prosodic and pragmatic
features of non-referential co-speech gestures
Stefanie Shattuck-Hufnagel; Pilar Prieto
Dimensionalizing co-speech gestures
Nuria Esteve-Gibert; Hélène Loevenbruck; Marion Dohen; Mariapaola D'Imperio
Pre-schoolers use head gestures rather than duration or pitch range to signal narrow focus in French

1490

1495
Patrick Louis Rohrer; Pilar Prieto; Elisabeth Delais-Roussarie
Beat gestures and prosodic domain marking in French
Tamara Rathcke; Chia-Yuan Lin; Simone Falk; Simone Dalla Bella
When language hits the beat: Synchronising movement to simple tonal and verbal stimuli

1500
1505

Thu 8th Aug 16:00, Room 217, Phonetics of L1: Input
Marzena Żygis; Marek Jaskula; Daniel Pape; Laura Koenig
Production of Polish sibilants in the process of language acquisition
Sahyang Kim; Anqi Yang; Aoju Chen; Jiyoung Lee; Taehong Cho
Developmental pathway of phonetic fine-tuning of phonological contrast in reference to information
structure: The case of three-way contrastive stops in Korean
Paul Boersma
Simulated distributional learning in deep Boltzmann machines leads to the emergence of discrete
categories
Kateřina Chládková; Martina Černá; Nikola Paillereau; Radek Skarnitzl; Zuzana Oceláková
Prenatal infant-directed speech: vowels and voice quality

1510

1515

1520
1525

Thu 8th Aug 16:00, Room 218, Laboratory Phonology: Vowels
Marie-Hélène Côté; Melanie Lancien
The /ε/-/з/ contrast in Quebec French
Louise Ratko; Michael Proctor; Felicity Cox
Onset - Vowel Articulatory Coordination - voiceless stops and vowel length

1530
1535

Jonathan Havenhill
Articulatory strategies for back vowel fronting in American English
Sarah Tasker
Not just /ɪ/ and /ə/: spelling predicts unstressed vowel quality in English

1540
1545

Thu 8th Aug 16:00, Room 219, Lesser documented languages: The phonetic
structures of indigenous languages of Eurasia
Alexandre Arkhipov; Michael Daniel; Oleg Belyaev; George Moroz; John Esling
A reinterpretation of lower-vocal-tract articulations in Caucasian languages
Jenna Conklin; Olga Dmitrieva
Vowel Acoustics of Volga Tatar
Katri Hiovain; Juraj Šimko
Durational patterns in Finnmark North Sámi quantity
Anton Kukhto
Exceptional stress and reduced vowels in Munster Irish

1550
1555
1560
1565

Thu 8th Aug 16:00, Room 220, Prosody: Information structure
Eleanor Chodroff; Jennifer Cole
The phonological and phonetic encoding of information status in American English nuclear accents
Petra Wagner; Nataliya Bryhadyr; Marin Schröer; Bogdan Ludusan
Does information-structural acoustic prosody change under different visibility conditions?
Stefan Baumann; Jane Mertens; Janina Kalbertodt
Informativeness and speaking style affect the realisation of nuclear and prenuclear accents in German

1570
1575

1580
Timo Roettger; Michael Franke; Jennifer Cole
Testing the relevance of prenuclear accents for predicting intonational meaning in German

1585

Fri 9th Aug 09:00, Plenary 3, Sociophonetics: Consonant variation
Peter Gilles
Using crowd-sourced data to analyse the ongoing merger of [ɕ] and [ʃ] in Luxembourgish
Ruaridh Purse
The Articulatory Reality of Coronal Stop 'Deletion'
Marie-Anne Morand; Melissa Bruno; Nora Julmi; Sandra Schwab; Stephan Schmid
The voicing of lenis plosives in Zurich German: a sociophonetic marker of (multi-)ethnolectal speech
Camilla Horslund
VOT in loanwords in Finnish - Evidence for prevoicing of initial /b, d, g/
Andries Coetzee; Lorenzo García-Amaya; Jiseung Kim; Daan Wissing; Nicholas Henriksen
Velar palatalization in Patagonian and South-African Afrikaans: language and settlement history in an
expatriate community
Amanda Cardoso; Erez Levon; Devyani Sharma; Dominic Watt; Yang Ye
Inter-speaker Variation and the Evaluation of British English Accents in Employment Contexts

1590
1595
1600
1605

1610
1615

Fri 9th Aug 09:00, Room 216, Phonetic psycholinguistics: Processing
Yaminah Carter; Sung-Joo Lim; Tyler Perrachione
Talker continuity facilitates speech processing independent of listeners' expectations
Pierre Hallé; Juan Segui; Laura Manoiloff
Monitoring CV syllables versus phonemes in internal speech
Alexandra Kapadia; Tyler Perrachione
Processing costs imposed by talker variability do not scale with number of talkers
Kuniko Nielsen; Rebecca Scarborough
Perceptual Target of Phonetic Accommodation: A Pattern within a Speaker's Phonetic System or the
Raw Acoustic Signal?

1620
1625
1630

1635

Franziska Kruger
A perceptual investigation into the laryngeal contrast for word-initial labial stops in the non-standard
German variety, Upper Saxon
Sung-Joo Lim; Allen Qu; Jessica Tin; Tyler Perrachione
Attentional reorientation explains processing costs associated with talker variability

1640
1645

Fri 9th Aug 09:00, Room 217, Prosody: Contact and bilingual prosody
Elisa Passoni; Esther de Leeuw; Erez Levon
Two languages, two pitch ranges: The case of Japanese-English sequential bilinguals
Jörg Peters
Fluency and speaking fundamental frequency in bilingual speakers of High and Low German
Shinobu Mizuguchi; Yukiko Nohta; Koichi Tateishi
Perception of narrow focus by bilingual speakers
Mary Baltazani; Joanna Przedlacka; John Coleman
Intonation in contact: Asia Minor Greek and Turkish.
Katharina Zahner; Jenny Yu
Compensation strategies in non-native English and German
Anita Szakay; Eivind Torgersen
A re-analysis of f0 in ethnic varieties of London English using REAPER

1650
1655
1660
1665
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1675

Fri 9th Aug 09:00, Room 218, Tone: L2 perception
Yachan Liang; Aoju Chen
The perception of lexical tones in emotional speech by Dutch learners of Mandarin
Juqiang Chen; Catherine Best; Mark Antoniou; Benjawan Kasisopa
Cognitive factors in perception of Thai tones by naive Mandarin listeners
Ting Zou; Yiya Chen
The roles of tonal and segmental information in spoken word recognition for L2 speakers: Evidence from
Dutch learners of Mandarin
Kimiko Tsukada; Kaori Idemaru
Learner vs. non-learner difference in the perception of Mandarin lexical tones: comparison of listeners
from English and Japanese first language (L1) backgrounds
Seth Wiener; Timothy Murphy; Atul Goel; Michael Christel; Lori Holt
Incidental learning of non-speech auditory analogs scaffolds second language learners' perception and
production of Mandarin lexical tones

1679
1684

1689

1694

1699

Fri 9th Aug 09:00, Room 219, Workshop: Computational approaches for
documenting and analyzing oral languages
Organisers: Laurent Besacier; Alexis Michaud; Martine Adda-Decker; Gilles Adda;
Stephen Bird; Graham Neubig; François Pellegrino; Sakriani Sakti; Mark Van de
Velde
Emily Grabowski; Laura McPherson
DAPPr: A (semi-)automated tool for vowel extraction and pitch annotation
Philippe Boula de Mareüil; Gilles Adda; Lori Lamel; Albert Rilliard; Frédéric Vernier

1704

A speaking atlas of minority languages of France: collection and analyses of dialectal data
Hannah Sarvasy; Jaydene Elvin; Weicong Li; Paola Escudero

1709

1714
Vowel acoustics of Nungon, Papua New Guinea
Kevin Tang; Ryan Bennett
Unite and conquer: Bootstrapping forced alignment tools for closely-related minority languages (Mayan)
1719

Fri 9th Aug 09:00, Room 220, Laboratory Phonology: Articulation
Madeleine Oakley

Articulation of L2 French mid and high vowels
Sawsan Alwabari
An Ultrasound Study on Gradient Coarticulatory Pharyngealization and its Interaction with Phonemic
Contrast
Naomi Miller; Constantino Carlos Reyes-Aldasoro; Jo Verhoeven
Asymmetries in tongue-palate contact during speech
Andrea Deme; Márton Bartók; Tekla Etelka Gráczi; Tamás Gábor Csapó; Alexandra Markó
Articulatory organization of geminates in Hungarian
Michael Dow; Mark Gibson; Charles Johnson
Ultrasound and nasometric evidence for controlled high vowel nasalization in Montreal French
Bryan Gick; Chenhao Chiu; Erik Widing; Francois Roewer-Despres; Connor Mayer; Sidney Fels; Ian
Stavness
Quantal biomechanical effects in speech postures of the lips

1724

1729
1734
1739
1744

1749

Fri 9th Aug 12:00, Plenary 3, PANZE I: Short front vowels
Adele Gregory
The [ae]nds of the earth: an investigation of the DRESS and TRAP vowels in Northern Queensland
Gerard Docherty; Simon Gonzalez; Nathaniel Mitchell; Paul Foulkes
An acoustic analysis of short front vowel realizations in the conversational style of young English
speakers from Western Australia
Chloé Diskin; Debbie Loakes; Rosey Billington; Hywel Stoakes; Simón Gonzalez; Sam Kirkham
The /el/-/ael/ merger in Australian English: Acoustic and articulatory insights
James Grama; Catherine Travis; Simon Gonzalez
Initiation, progression, and conditioning of the short-front vowel shift in Australia

1754

1759
1764
1769

Fri 9th Aug 12:00, Room 216, Phonetics of emotion: Perceiving spoken emotion
Oliver Niebuhr; Radek Skarnitzl
Measuring a speaker's acoustic correlates of pitch - but which? A contrastive analysis for perceived
speaker charisma
Jesin James; Catherine Watson; Hywel Stoakes
Influence of Prosodic features and semantics on secondary emotion production and perception
Jean-Luc Rouas; Takaaki Shochi; Marine Guerry; Albert Rilliard
Categorisation of spoken social affects in Japanese: human vs. machine
Karina Evgrafova; Pavel Skrelin; Elmar Neuth
Universal and language-specific patterns of perceiving emotions in children's speech: a cross-language
German-Russian study

1774
1779
1784

1789

Fri 9th Aug 12:00, Room 217, Tone: Intonation
Cong Zhang
Stacking and Unstacking Prosodies: The Production and Perception of Sentence Prosody in a Tonal
Language
Suki Yiu
Phonetic Evidence for Iambic/Trochaic Law Effects in Chaozhou
Muye Zhang; Christopher Geissler; Jason Shaw
Gestural representations of tone in Mandarin: Evidence from timing alternations
Jing Shao; Lan Wang; Caicai Zhang
Impaired talker recognition in Mandarin-speaking congenital amusics

1793
1798
1803
1808

Fri 9th Aug 12:00, Room 218, Production: variation
Michelle Cohn; Bruno Ferenc Segedin; Georgia Zellou
Imitating Siri: Socially-mediated vocal alignment to device and human voices
Shuwen Chen; Peggy Pik Ki Mok

1813

Speech production of rhotics in highly proficient bilinguals: acoustic and articulatory measures
Julia Moreno
[!] What's the name of it? [!]: The phonetic form of clicks in word search strategies in Glasgow
Zachary Jaggers; Melissa Baese-Berk
Moments of moments: Acoustic phonetic character and within-category variability of the Basque threesibilant contrast

1818
1823

1828

Fri 9th Aug 12:00, Room 219, Production: speech timing and coordination
Shinichiro Sano
The distribution of singleton/geminate consonants in spoken Japanese and its relation to preceding/
following vowels
Takayuki Ito; Jean-Loup Caillet; Pascal Perrier
Posture stabilisation of the tongue for speech: responses to mechanical perturbation
Malin Svensson Lundmark; Johan Frid
Jaw movements in two tonal contexts
Miriam Oschkinat; Philip Hoole
The effect of real-time temporal auditory feedback perturbation on the timing of syllable structure

1833
1838
1843
1848

Fri 9th Aug 12:00, Room 220, Voice quality
Akira Utsugi; Han Wang; Ichiro Ota
A voice quality analysis of Japanese anime
Yuan Chai
The Source of Creak in Mandarin Utterances
Joshua Penney; Felicity Cox; Anita Szakay
Perception of coda voicing: Glottalisation, vowel duration, and silence
Christina Esposito; Sameer ud Dowla Khan; Kelly Harper Berkson; Max Nelson
Distinguishing breathy consonants and vowels in Gujarati

1853
1858
1863
1868

Fri 9th Aug 14:00, Plenary 3, PANZE II: Contact and Change
Chloé Diskin; Debbie Loakes; Josh Clothier; Ben Volchok
A sociophonetic analysis of vowels produced by female Irish migrants: Investigating second dialect
contact in Melbourne
James Brand; Jennifer Hay; Lynn Clark; Kevin Watson; Márton Sóskuthy
Systematic covariation of monophthongs across speakers of New Zealand English
Paul Warren
Non-linear analysis of a diphthong merger
Josh Clothier
A sociophonetic analysis of /l/ darkness and Lebanese Australian ethnic identity in Australian English

1873
1878
1883

1888
Dan Villarreal; Lynn Clark; Jennifer Hay
Modelling gradience in English /r/ via statistical classification

1893

Fri 9th Aug 14:00, Room 216, History and discipline of phonetics
Michael Ashby; Patricia Ashby; David Moore
Australia's first phonetics laboratory (1913): its founder and its context
1898
Pavel Šturm
The contribution of Czech phonetics to laryngeal investigation
1903
Asher Laufer
The origin of the IPA schwa
1908
Kelly Johanna Vera Diettes; Felipe Pulido Rodríguez; Javier Andrés Rayo Paloma; Julián David Muñoz Pico;
Gina Marcela Pineda Mora
Phonetics and phonology engagement: Evaluation of a productive disciplinary engagement approach

1912
Uliana Kochetkova; Pavel Skrelin
"Observer effect" in late 19th and early 20th century measurements of vowel characteristic tones

1917

Fri 9th Aug 14:00, Room 217, Phonetics of L2: training and production of
suprasegmentals
Zenghui Liu; Lei Zeng; Shufen Liang
Parallel Encoding of Focus and Interrogative Meaning in Thai Learners' Mandarin
Sandra Schwab; Volker Dellwo
Music and L2 prosody: the role of music aptitude on the discrimination of stress contrasts in L2
Andrea Peskova
L2 Italian and L2 Spanish vocatives, produced by L1 Czech learners: Transfer and prosodic
overgeneralization
Aprilia Sasmar Putri; Haoyan Ge; Aelish Hart; Virginia Yip; Aoju Chen
The Effect of Explicit Training on Comprehension of English Focus-to-Prosody Mapping by Indonesian
Learners of English
Chris Davis; Jeesun Kim
Temporal variability in strong versus weak foreign accented speech
Antti Suni; Heini Kallio; Štefan Benuš; Juraj Šimko
Characterizing second language fluency with global wavelet spectrum

1922
1927

1932

1937
1942
1947

Fri 9th Aug 14:00, Room 218, Tone: general
Jonathan Barnes; Nanette Veilleux; Alejna Brugos; Stefanie Shattuck-Hufnagel
The interaction of timing and scaling in a lexical tone system: an example from Shilluk
Hsuehchu Chen; Qian Wen Han

1952

The effectiveness of acoustic training on tone acquisition by Hong Kong learners of Mandarin
Anna Mai; Mai Moua; Marc Garellek

1957

Tone-tune association and voice quality in Green Mong folk songs
Zhousuo Qu; Cathryn Yang

1962

Acoustic Analysis of Tone in Benna Hani: Tone Sandhi and Neutralization in an Atypical Tibeto-Burman
Language
Wei Lai; Mark Liberman; Qianxin He

1967

Compensation for F0 variation with vocal effort and vowel height in Cantonese tone perception
Jianjing Kuang; Jia Tian
Tone Representation and Tone Processing in Shanghainese

1972
1977

Fri 9th Aug 14:00, Room 219, Phonetics-phonology: Phonological effects on
segment production
Veno Volenec; Marko Liker
Continuancy in nasal place assimilation: An electropalatographic study
Kikuo Maekawa
A real-time MRI study of Japanese moraic nasal in utterance-final position
Indranil Dutta; Charles Redmon; Meghavarshini Krishnaswamy; Sarath Chandran; Nayana Raj
Articulatory complexity and lexical contrast density in models of coronal coarticulation in Malayalam
Kamil Kaźmierski
Durational variation in Polish fricatives provides evidence for hybrid models of phonology
Alexei Kochetov; Matthew Faytak; Kiranpreet Nara
Manner differences in the Punjabi dental-retroflex contrast: An ultrasound study of time-series data

Fri 9th Aug 14:00, Room 220, Tone: Mandarin Chinese
Yu-An Lu; Sang-Im Lee-Kim
The role of redundant temporal cue on perceived vowel duration: evidence from tone language speakers

1982
1987
1992
1997
2002

2007
Thilanga Dilum Wewalaarachchi; Leher Singh
The effects of vowel, consonant and tone competition on Mandarin lexical access: Evidence from
monolingual and bilingual learners
Zhe-chen Guo; Shu-chen Ou
The Use of Tonal Coarticulation in Speech Segmentation by Listeners of Mandarin
Tzu-Hsuan Yang; Shao-Jie Jin; Yu-An Lu
The Effect of Mandarin Accidental Gaps on Perceptual Categorization
Irene Vogel; Angeliki Athanasopoulou; Chao Han; Yue Yuan
How Perceptible is the Difference between Tone 3 and Tone 4 in Mandarin Chinese?
Shao-Jie Jin; Yu-An Lu
The roles of duration, rhyme structure and frequency in Mandarin accidental gaps

2012
2017
2022
2027
2032

POSTER PRESENTATIONS
----------Mon 5th Aug; Laboratory phonology
Matthew Jay Carroll
Prenasalised voiceless stops in Ngkolmpu
Daiki Hashimoto
Exemplar Averaging of Phonetically Distinct Variants
Sheng-Fu Wang
Velar syllabic nasal and its phonological interpretation in Taiwan Southern Min
Nief Al-Gamdi; Jalal Al-Tamimi; Ghada Khattab
The Acoustic properties of Voicing Contrast in Najdi Arabic Initial Stops
Yang Yue; Fang Hu
Phonetics and phonology of the -er suffix in the Hangzhou Wu Chinese dialect
Kenneth Olson
Reanalyzing the Banda-Linda Vowel System
Lizbeth Gómez; Mauricio A. Figueroa; Gastón Salamanca
Evidence of phonological /w/ and /j/ in Chilean Spanish: the case of "hi" and "hu" plus vowel

2036
2041
2046
2051
2056
2061
2065

Mon 5th Aug; Phonation and voice quality
Ocke-Schwen Bohn; Anne Ellegaard
Perceptual assimilation and graded discrimination as predictors of identification accuracy for learners
differing in L2 experience: The case of Danish learners' perception of English initial fricatives
Ludger Paschen
Some remarks on the four-way phonation contrast in Bzhedugh Adyghe
Mechtild Tronnier
Transitions from Vowels to Voiceless Stops in Swedish, Italian and German
Rebekka Puderbaugh
Phonetics and phonotactics of vowel laryngealization in Upper Necaxa Totonac
Noah Elkins; Christina Esposito; Edwin Reyes Herrera
The Phonetics of Anyuak Vowels
Tạ Thành Tấn; Marc Brunelle; Nguyễn Trần Quý
Chrau register and the transphonologization of voicing
Phil Rose
Tonatory Patterns in Taizhou Wu Tones
Kristine Yu

2070
2075
2080
2085
2090
2094
2099

Probing voice quality's contribution to tone perception: challenges for synthesis software

2104

Mon 5th Aug; Phonetic neurolinguistics
Jia Hoong Ong; Alice H. D. Chan
Statistical learning among young and older adults: Similar yet different?
Jinghua Ou; Alan Yu
Brainstem encoding of voice onset time: Preliminary findings
Simran Agarwal; Alba Tuninetti; Liquan Liu; Paola Escudero
Neural sensitivity to linguistic and non-linguistic changes in naturally produced speech sounds: a
comparison of different stimuli presentation paradigms

2109
2114

2119

Mon 5th Aug; Phonetic universals and typology
Lisa Sullivan; Yoonjung Kang
Phonology of gender in English and French given names
Kristen Wing Yan Wong; Yoonjung Kang
Sound Symbolism of Gender in Cantonese First Names
Haruko Miyakoda; Marina Oshita
Sound symbolism and its effect in characters' names: a study on consonants

2124
2129
2134

Mon 5th Aug; Phonetics-phonology interface
Jonathan Yip; Diana Archangeli
Articulatory and acoustic gradience in Sasak word-final stops /k, ?/
Yevgeniy Melguy
Phonetic strengthening or phonological substitution? An X-ray microbeam investigation of acoustic and
articulatory variability in the production of American English dental fricatives
Song Jiang; Yueh-chin Chang; Feng-fan Hsieh
An EMA study of Er-suffixation in Northeastern Mandarin monophthongs
Joaquín Romero; Antonia Soler
Patterns of constriction degree in Spanish heterorganic consonant sequences
Boram Kim; Mark Tiede; D. H. Whalen
Evidence for Pivots in Tongue Movement for Diphthongs

2139

2144
2149
2154
2159

Mon 5th Aug; Phonetics of emotion
Elisabeth Zetterholm; Åsa Abelin
Ungrammatical prosody does not hinder positive evaluations
Rachel Elizabeth Weissler; Julie E Boland
Sounding Like a Stereotype: The influence of emotional prosody on race perception
Carlos Ishi; Takayuki Kanda
Prosodic and voice quality analyses of offensive speech
Bogdan Ludusan; Petra Wagner
No laughing matter: An investigation into the acoustic cues marking the use of laughter
Xinyue Li; Aaron Lee Albin; Carlos Ishi; Ryoko Hayashi
Japanese emotional speech produced by Chinese learners and Japanese native speakers: differences
in perception and voice quality

2164
2169
2174
2179

2183

Mon 5th Aug; Phonetics of first language acquisition
Jing Yang; Li Xu
Do 3- to 4-year-old Mandarin-English bilinguals separate long-lag VOTs in these two languages?
Wafaa Alshangiti; Bronwen G. Evans; Mark Wibrow
Learning to speak in a second language: Does multiple talker production benefit production of English
vowels in Arabic children?
Ewa Jacewicz; Robert Fox
Socially conditioned change in voiced stop consonants in Appalachian children

2188

2193
2198

Kathleen McCarthy; Bronwen Evans
The perception of familiar and unfamiliar accents by bilingual and monolingual children
Rosie Oxbury; Kathleen McCarthy
Acquiring a multiethnolect: the production of diphthongs by children and adolescents in West London

2203

2208
Andrew Cheng
Age of Arrival does not affect childhood immigrants' acquisition of ongoing sound change: Evidence from
Korean Americans
2213

Mon 5th Aug; Phonetics of second and foreign language acquisition
Chen-Hsiu Grace Kuo
Do working memory and autistic traits predict prosody perception?
Izabelle Grenon; Chris Sheppard; John Archibald
Learning to perceive a non-native vowel contrast without listening: A first report
James Whang; Kakeru Yazawa; Paola Escudero
Perception of Japanese vowel length by Australian English listeners
Amy Hutchinson; Joshua Weirick; Suzy Ahn; Olga Dmitrieva
Language attitudes affect perceived intelligibility, proficiency, and accentedness of non-native speech

2218
2223
2228

2233
Yuanyuan Zhang; Hongwei Ding; Hui Zhang
Do cognitive constraints drive second-language listeners' attention to prosodic information in speech?
2238
José María Lahoz-Bengoechea; Paola Escudero; Alba Tuninetti
Spoken word recognition by English-speaking learners of Spanish
Qi Zhang; Lei Wang
Perception of American English junctures by Chinese EFL learners
Jian Gong; Zhenzhen Yang; Xiaoli Ji; Feng Wang
Investigating the effectiveness of auditory training on Chinese learners' perception of English vowels

2243
2248

2253
Henna Tamminen; Maija S. Peltola
Speech sound perception in monolinguals, bilinguals and learners - Language background affects
identification and discrimination differently
Lei Xi; Pillot-Loiseau Claire
Acoustic and perceptive studies of Chinese learners producing three basic French intonation patterns

2258

2263
Jane Setter; Ngee Thai Yap; Vesna Stojanovik
The perception of sentence stress in Malay and English
Sabine Zerbian; Giuseppina Turco
Processing focus and accent across dialects
Dokyung Kwon; Tae Yeoub Jang
A temporal feature of stressed syllables in native English and Korean EFL speech
Hyunjung Lee; Eun Jong Kong; Jeffrey Holliday
An investigation of the effect of L1 dialect on the L2 perception of lexical stress
Yiling Chen; Ghada Khattab; Jalal-eddin Al-Tamimi
The effect of explicit instruction and auditory/audio-visual training on Chinese learners' acquisition of
English intonation
Charles Chang; Yao Yao
Production of neutral tone in Mandarin by heritage, native, and second language speakers
Sarah Waldmann
L2 rhythm effects on intelligibility

2268
2272
2277
2281

2286
2291
2296

Cristina Herrero Fernández; Chengwei Xu; Shuyu Wang; Wentao Gu
Perception of politeness in Mandarin speech by Spanish learners of Mandarin

2301

Mon 5th Aug; Sociophonetics and phonetic variation
Jessica Barlow; Philip Combiths
Monolingual speech production in a bilingual context
Wladyslaw Cichocki; Sid-Ahmed Selouani; Yves Perreault
Prosodic rhythm in regional varieties of French in New Brunswick (Canada)
Connor McCabe
Engaging with robust cross-participant variability in an endangered minority variety: Intonation in Déise
Irish
Folajimi Oyebola; Sin Yu Bonnie Ho; Zeyu Li
A Sociophonetic Study on TH Variation in Educated Nigerian English
Cynthia Clopper; Laura Wagner
Regional dialect intelligibility across the lifespan
Djegdjiga Amazouz; Martine Adda-Decker; Lori Lamel; Jean-Luc Gauvain
Exploring consonant variation in French-Arabic code-switched speech: the case of the gemination
Wenling Cao
Phonetic convergence of Hong Kong English: sound salience and the exemplar-based account
Xuan Wang
Dialect contact across three generations: A sociophonetic analysis of variation in [ph, th, kh, h] in a
contact variety in Hohhot, China
Yasuaki Shinohara; Chao Han; Arild Hestvik
Effects of perceptual assimilation: The perception of English /æ/, /ʌ/, and /ɑ/ by Japanese speakers
Hwa-min Kim; Jeong-Sik Park; Tae-Yeoub Jang
Novel Features of Vowel Space for Distinction of English L1 and L2 Speech
Adeiza Lasisi Isiaka; Jevgenij Zintchenko Jurlina; Sven Grawunder
Can formant amplitude differences serve as indicators for L1-effects of ATR in varieties of English in
West Africa?
Bowei Shao; Rachid Ridouane
Apical vowel in Jixi-Hui Chinese: an articulatory study
Jiyeon Song; Amanda Dalola
Crossing the Parallel: Effects of Gender and Length of Residence in North Korean Refugees' Back
Vowels
Jarosław Weckwerth; Anna Balas
Formant frequencies of Polish raised /ɛ/ and /a/ in palatal contexts
Chloe Brotherton; Michelle Cohn; Georgia Zellou; Santiago Barreda
Sub-regional variation in positioning and degree of nasalization of /æ/ allophones in California

2305
2310

2315
2320
2324
2329
2334

2339
2344
2349

2353
2358

2363
2368
2373

Mon 5th Aug; Speech perception
James Kirby; Misnadin
Perception of laryngeal contrast in Madurese
Geoff Schwartz; Ewelina Wojtkowiak; Bartosz Brzoza
Beyond VOT in the Polish laryngeal contrast
Mirjam J.I. de Jonge; Isaura Aligbeh
Duration as a voicing cue in Dutch
Meng Yang
An asymmetric perceptual dependency between pitch and breathiness

Mon 5th Aug; Speech production and articulatory phonetics
Henning Reetz; Simone Mikuteit; Lahiri Aditi

2378
2383
2388
2392

Multiple functions of f0 in specifying the voicing, quantity and aspiration of East Bengali stops and
affricates.
Adrian P. Simpson; Erika Brandt
Detecting larynx movement in non-pulmonic consonants using dual-channel electroglottography
Elizabeth Bird; Marc Garellek
Dynamics of voice quality over the course of the English utterance
Weijun Zhang; Wenwei Xu; Pik Ki Peggy Mok
A Preliminary Study on the Age Variation of the Voicing Contrast in Wenzhou Wu Chinese
Jiyoung Jang; Sahyang Kim; Taehong Cho
Prosodic-structural effects on voice quality associated with Korean three-way stop contrast
Christopher Geissler
Tonal and laryngeal contrasts in Diaspora Tibetan

2397
2401
2406
2411
2416
2421

Mon 5th Aug; Speech prosody
Jana Neitsch; Oliver Niebuhr
Questions as prosodic configurations: How prosody and context shape the multiparametric nature of
rhetorical questions in German
Zohreh Shiamizadeh; Johanneke Caspers; Niels Schiller
When is a wh-in-situ question identified in standard Persian?
Mimi Tian; Albert Lee
Burmese quotation intonation
Michiko Watanabe; Yusaku Korematsu
Comparison of Factors Related to Clause-Initial Filler Probabilities in English and Japanese
Na Hu; Aoju Chen; Hugo Quené; Ted Sanders
The Role of Prosody in Distinguishing Different Types of Causal Relations in English
Z.L. Zhou; Byron Ahn
Is this in the phonology? Examining the intonational phonetics-phonology interface with American
English polar questions
Chunyu Ge; Aijun Li
Intonation of Cantonese interrogative sentences with and without sentence final particle
Li-Fang Lai
Similar, but not the same: Neutral and confirmation-seeking questions in Mandarin
Irina Shport; Gregory Johnson
On the relationship between syntactic and prosodic boundaries: Free relative clauses in Appalachian
English
Katelyn Phillips; Joanne Arciuli; Kirrie Ballard
Using MAUS to Investigate Children's Production of Lexical Stress
Heete Sahkai; Meelis Mihkla
Intensity and spectral parameters as correlates of phrasal stress and word quantity in Estonian
Ting Huang; Donna Erickson
Articulation of English "Prominence" by L1 (English) and L2 (French) speakers
Tae-Jin Yoon
Segmental Effects on the Accentual Phrase in Korean
Bethany Sturman
The emphatic juncture: A novel use of the IP boundary in English
Nuria Martínez García; Constantijn Kaland
The prosody of repeated mentions in Yucatecan Spanish
Nadja Schauffler; Margaret Zellers; Sabine Zerbian
Stress shift and prosodic focus marking in L1 and L2 English
Shi Yu; Sergio Hassid; Didier Demolin

2425
2430
2435
2440
2445

2450
2455
2460

2465
2470
2475
2480
2485
2489
2494
2499

A phonetic study of subglottal pressure effects on stress and fundamental frequency
Piotr Gąsiorowski; Michał Jankowski; Krzysztof Sawala
Levels of stress in English: their phonetic reality and phonological status

2504
2509

Tue 6th Aug; Phonetic psycholinguistics
Rebecca Holt; Laurence Bruggeman; Katherine Demuth
Visual speech cues improve children's processing speed in both quiet and noise
Frank Lorenz
L2 Phoneme Categories, Lexical Access and Foreign-Accent
Johannah O'Mahony; Bernd Möbius
An Investigation into Exemplar Effects in the Perceptual Learning Paradigm.
Seiya Funatsu; Masako Fujimoto
The verbal transformation effect inJapanese
Chen Shen; Esther Janse
Articulatory control in speech production
Diana Tomić; Vesna Mildner
Phoneme awareness task - measure of quality of phonological representations
Thanh Lan Truong; Ulrike Schild; Claudia Friedrich; Andrea Weber
Phonetic-to-lexical mapping in listening to adult and child speech
Nicole van Rootselaar; Marisa Lelekach; Fangfang Li; Claudia L.R. Gonzalez
The effect of manual action on vowel production for nouns and verbs
Tasavat Trisitichoke; Shintaro Ando; Yusuke Inoue; Daisuke Saito; Nobuaki Minematsu
Influence of content variations on smoothness of native speakers' reverse shadowing
John Kingston
Lexical knowledge does not improve discriminability

2514
2519
2524
2529
2533
2538
2543
2548
2553
2558

Tue 6th Aug; Phonetics of second and foreign language acquisition
Hiroki Fujita; Ruri Ueda; Ken-ichi Hashimoto
Does repeated exposure to segmental sounds improve perceptual ability in non-native speakers?
Yanping Li; Catherine T. Best; Chong Cao; Jinsong Zhang
Hybrid perceptual training to facilitate the learning of nasal final contrasts by highly proficient Japanese
learners of Mandarin
Yongzhe Peng
The perception of Mandarin sibilants by Japanese speakers: prediction by PAM
Sidsel Rasmussen; Ocke-Schwen Bohn
Vowel context affects L2 Chinese learners' identification of postalveolar sibilants
Michael Tyler; Eléonore Clot; Marie-Sophie Villain-Bailly; Chotiga Pattamadilok
Perceptual assimilation of English dental fricatives by native speakers of European French
María Teresa Martínez García; Jeffrey Holliday
The perception of Korean stops by native speakers of Spanish
Juli Cebrian
Perceptual asymmetries and lexical effects in L2 vowel discrimination
Galina Kedrova; Valentina Kolybasova
Interference of L1 syllabification patterns in L2 speech of Chinese learners of Russian as foreign
language
Christiane Ulbrich
Convergence on the segmental and the suprasegmental level between native speakers and Spanish L2
learners of German
Katherine Marcoux; Mirjam Ernestus
Pitch in Native and Non-Native Lombard Speech

2563

2567
2572
2576
2580
2585
2590

2595

2600
2605

Nina Hosseini-Kivanani; Stephen J. Tobin; Adamantios I. Gafos
Phonetic accommodation in the fundamental frequency of Korean-English bilinguals and English
monolinguals
Ralph Rose; Michiko Watanabe
A crosslinguistic corpus study of silent and filled pauses: When do speakers use filled pauses to fill
pauses?
Bingru Chen
The effects of polysyllabic shortening and word/phrase boundary on duration patterns of English
Isadora Reynolds; Gillian Wigglesworth; Olga Maxwell
Second language fluency: Re-thinking utterance fluency from a phonetics-phonology interface

2610

2615
2620
2625

Tue 6th Aug; Sociophonetics and phonetic variation
Michaela Hejná
A case study of menstrual cycle effects: global phonation or also local phonatory phenomena?
Liis Ermus; Meelis Mihkla
Predictability of plosive reduction from written text in Estonian
Sabine Zerbian; Marlene Böttcher
Stressed pronouns in German mono- and bilingual speech
Damien Hall
Sociophonetics of the Le Havre accent
Coline Caillol; Emmanuel Ferragne
The sociophonetics of British heavy metal music: T voicing and the FOOT-STRUT split
Kate Earnshaw; Erica Gold
"We don't pronounce our t's around here": realisations of /t/ in West Yorkshire English
Betsy Pillion
Acoustic Properties of Para-Phonemic Sounds: Clicks in American English
Caitlin Halfacre; Ghada Khattab
North-South Dividers in privately educated speakers: a sociolinguistic study of Received Pronunciation
using the FOOT-STRUT and TRAP-BATH distinctions in the North East and South East of England.
Sophie Holmes-Elliott; James Turner
The emergence of gendered production between childhood and adolescence: A real time analysis of /s/
in Southern British English
Brandon Baird
Language-Specific Pitch Ranges among K'ichee'-Spanish Simultaneous Bilinguals
Chun-Mei Chen
Phonetics of voiceless stops and word-level prosody of Paiwan in urban migration communities
Maxwell Schmid; Evan Bradley
Vocal pitch and intonation characteristics of those who are gender non-binary
Lotte Eijk; Mirjam Ernestus; Herbert Schriefers
Alignment of Pitch and Articulation Rate
Matthias Hahn; Beat Siebenhaar
Spatial Variation of Articulation Rate and Phonetic Reduction in Standard-Intended German
Valentina De Iacovo; Antonio Romano
Intonation of Sicilian among Southern Italo-romance dialects
Janice Wing Sze Wong; Jung-Yueh Tu
Pitch Characteristics and the Perception of Female Sexual Orientation in Cantonese
Olga Maxwell; Robert Fuchs
Cross-dialectal speech processing: Perception of lexical stress by Indian English listeners

Tue 6th Aug; Speech acoustics

2630
2635
2640
2645
2650
2655
2660

2665

2670
2675
2680
2685
2690
2695
2700
2705
2710

Alexandra Markó; Márton Bartók; Tamás Gábor Csapó; Andrea Deme; Tekla Etelka Gráczi
The effect of focal accent on vowels in Hungarian: Articulatory and acoustic data
Marie Dokovova; Mitko Sabev; James Scobbie; Robin Lickley; Steve Cowen
Bulgarian Vowel Reduction in Unstressed Position: an Ultrasound and Acoustic Investigation
Sarah Babinski; Claire Bowern
Phonetic variation across Australian languages
Brett Baker; Rikke Bundgaard-Nielsen; Sarah Babinski; Janet Fletcher
Acoustic correlates of lexical stress in Wubuy
Emanuela Buizza
Maintaining contrast in reduced speech in Standard Southern British English

2715
2720
2725
2729
2734

Tue 6th Aug; Speech corpora and big data
Joanna Przedlacka; Mary Baltazani; John Coleman
Intonational variation and diachrony: Greek contact varieties
Malte Belz; Jürgen Trouvain
Are 'silent' pauses always silent?
Mafuyu Kitahara; Keiichi Tajima; Kiyoko Yoneyama
The effect of lexical competition on realization of phonetic contrasts: A corpus study of the voicing
contrast in Japanese

2739
2744

2749

Tue 6th Aug; Speech perception
Mohd Hilmi Hamzah; Janet Fletcher; John Hajek
The secondary roles of amplitude and F0 in the perception of word-initial geminates in Kelantan Malay
2753
Hinako Masuda
Task differences in the identification of English consonants in noise by Japanese listeners
Alexander Kilpatrick; Shigeto Kawahara; Rikke Bundgaard-Nielsen; Brett Baker; Janet Fletcher
Predictability, Word Frequency and Japanese Perceptual Epenthesis
Haruka Tada; Izabelle Grenon
Can Japanese listeners perceive a difference between an underlying glide and an epenthetic glide?

2758
2763

2767
Amanda Rysling; John Kingston
Sibilant and non-sibilant fricatives are parsed alike
Maya Barzilai
Acoustic Salience and Naturalness in Vowel Recall
Kofi Adu Manyah
Non-native speakers' identification of lexical tone contrasts
Debbie Loakes; Paola Escudero; Josh Clothier; John Hajek
Tracking vowel categorisation behaviour longitudinally: A study across three x three year increments
(2012, 2015, 2018)
Yao Lu; Jiangping Kong
A categorical Perceptual Study on Mandarin Tones by Zaiwa language speakers
Natsuya Yoshida; Mafuyu Kitahara; Ayako S.Shirose
Vowel devoicing in Tokyo Japanese: its lexical status

2772
2777
2782

2787
2792
2796

Tue 6th Aug; Speech production and articulatory phonetics
Anastasiia Tsukanova; Ioannis Douros; Anastasia Shimorina; Yves Laprie
Can static vocal tract positions represent articulatory targets in continuous speech? Matching static MRI
captures against real-time MRI for the French language
2801
Mitsuhiro Nakamura
Exploring temporal characteristics of lingual gestures in American English /l/
2806

Maho Morimoto; Tatsuya Kitamura
Articulation of geminated liquids in Japanese
Tunde Szalay; Titia Benders; Felicity Cox; Michael Proctor
Lingual configuration of Australian English /l/
Jo Verhoeven; Peter Mariën; Ilke De Clerck; Luc Daems; Carlos Reyes-Aldasoro; Naomi Miller
Asymmetries in speech articulation as reflected on palatograms: a meta-study
Guillaume Barbier; Shari Baum; Lucie Menard; Douglas Shiller
Speech adaptation to palatal perturbation: Evidence for sensorimotor reorganization across the
workspace
Kristin Teplansky; Brian Tsang; Jun Wang
Tongue and Lip Motion Patterns in Voiced, Whispered, and Silent Vowel Production
Daejin Kim; Caroline Smith
Phonetic conditioning of word frequency and contextual predictability effects in American English
conversational speech

2811
2816
2821

2826
2831

2836

Tue 6th Aug; Speech prosody
Stella Gryllia; Mary Baltazani; Amalia Arvaniti
Evidence for the compositionality of tunes and intonational meaning
Jessica Siddins; Ineke Mennen
Pitch accent realisation in Austrian German
Manami Hirayama; Hyun Kyung Hwang; Takaomi Kato
Lexical category in downstep in Japanese
Hui-Yu Chien; Janice Fon
Are Nuclear Accents Easier to Acquire than Prenuclear Accents? — Using Peak Alignment in advanced
Mandarin EFL Learners as an Example
Luigi (Yu-Cheng) Liu; Anne Lacheret-Dujour; Nicolas Obin
Automatic modelling and labelling of speech prosody: what's new with SLAM+?
Judith Manzoni
Prosody in Luxembourgish: the example of nuclear falling contours
Constantijn Kaland; Nikolaus P. Himmelmann; Angela Kluge
Stress predictors in a Papuan Malay random forest
Mingqiong Luo
Durational Reflexes of Syllable Structure in Shanghai Chinese (SH)
Boikanyego Sebina; Jane Setter; Clare Wright
The Penultimate Syllable Vowel Length among Setswana-English Bilingual Children.
Jeremy Steffman
Testing the influence of distal rhythmic structure on listeners' perception of durational cues
Radek Skarnitzl; Jan Volín
The effect of durational cues on the reassignment of a syllable in the metrical structure of Czech
sentences
Christine Prechtel
Quantifying Macro-rhythm in English and Spanish
Noriko Hattori
Two Kinds of Metrical Shifts in English Text-setting
Chengxia Wang; Yi Xu; Jinsong Zhang
Mandarin and English use different temporal means to mark major prosodic boundaries
Shigeaki Amano; Kimiko Yamakawa; Mariko Kondo
Logarithmic duration to predict and discriminate singleton and geminate consonants in Japanese
Shu-chen Ou; Zhe-chen Guo
The role of initial F0 rise in speech segmentation: a cross-linguistic study

2841
2846
2851

2856
2861
2866
2871
2876
2881
2886

2891
2896
2901
2906
2911
2916

C. T. Justine Hui; Yukiko Sugiyama; Takayuki Arai
Effect of frequency discrimination ability of elderly listeners on Japanese pitch accent pairs
Jesse Harris; Sun-Ah Jun
Using pupillometry to assess prosodic alignment in language comprehension
Lu Liu; Bei Wang
Effect of Boundary Strength on Post-focus-compression (PFC) in Mandarin: Comparing Single and Dual
Focus
Una Y. Chow; Stephen J. Winters
Native, Naïve, and Exemplar-based Perception of Statement and Question Intonation in Cantonese and
Mandarin
Luma da Silva Miranda; João Antônio de Moraes; Albert Rilliard
Audiovisual perception of wh-questions and wh-exclamations in Brazilian Portuguese
Riccardo Orrico; Renata Savy; Mariapaola D'Imperio
The perception of speaker certainty in Salerno Italian intonation
Oyedeji Musiliyu; Annie C. Gilbert; Shari R. Baum; Miguel Oliveira Jr.
Electrophysiological correlates of prosodic boundaries at different levels in Brazilian Portuguese.

2921
2926

2931

2936
2941
2946
2951

Tue 6th Aug; Speech technology
Dafydd Gibbon
CRAFT: A Multifunction Online Platform for Speech Prosody Visualisation
Sabrina Jenne; Antje Schweitzer; Sabine Zerbian; Ngoc Thang Vu
Phonological Error Detection for Pronunciation Training Using Neural Spectrogram Recognition
Ioannis K. Douros; Pierre-André Vuissoz; Yves Laprie
Comparison between 2D and 3D simulation models for speech production: a study of French vowels

2956
2961

2966
Marie Jeanneteau; Noel Hanna; Andre Almeida; John Smith; Joe Wolfe
Open source real-time acoustic excitation technique for vocal tract resonance estimation at the lips
Emily Lau; Yi Xu
Toward Predictive Modelling for AM Theory of Intonation
Beiming Cao; Alan Wisler; Jun Wang
Is Articulation-to-Speech Synthesis Language Independent? A Pilot Study
Maryam Al Dabel; Jon Barker
An Optimisation Approach for Enhancing Speech Intelligibility Using Time-varying Spectral Shaping in
Noise

2971
2976
2981

2986

Wed 7th Aug; Clinical phonetics
Ivana Didirková; Sébastien Le Maguer; Fabrice Hirsch; Dodji Gbedahou
Articulatory behaviour during disfluencies in stuttered speech
Marziye Eshghi; Brian Richburg; Yana Yunusova; Jordan R. Green
Instrumental evaluation of velopharyngeal dysfunction in amyotrophic lateral sclerosis
Maria Wolters; Alex Cohen; Kristin Nicodemus
Distinct Prosodic Correlates for Nine Dimensions of Mental Health Symptoms
Ping Tang; Nan Xu Rattanasone; Ivan Yuen; Liqun Gao; Katherine Demuth
The representation of tone sandhi by children with cochlear implants
Caroline Menezes; Marisa Lucarelli; Taylor Koesters; Kristen Ruta; Alexis Rymers; Kassidy Turshon
Articulating a Female Vowel: Transition from Male-to-Female Gender
Li Bin; Matthew Kelley; Daniel Aalto; Benjamin Tucker
Automatic speech intelligibility scoring of head and neck cancer patients with deep neural networks
Maria Francisca de Paula Soares
A comparison on vowel production after two speech therapy approaches

2991
2996
3001
3006
3011
3016
3021
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CROSSLINGUISTIC VARIATION, PHONETIC VARIABILITY, AND THE
FORMATION OF CATEGORIES IN INTONATION
Amalia Arvaniti
University of Kent
a.arvaniti@kent.ac.uk

First, F0, the primary phonetic exponent of
intonation, does not present obvious discontinuities
(either at the auditory or acoustic level) that can lead
to positing distinct units with some ease. Second, F0
contours treated by speakers and listeners as instances
of the same tune can differ substantially from each
other, mostly due to context-dependent changes,
known as lawful variability [5]. These two features of
intonation are illustrated in Fig. 1; the F0 contours in
black show two instances of uptalk [39]; both could
be responses to a prompt like Name please and both
convey that the speaker is not certain the addressee
will recognize their name. However, the final rise is
timed differently, spanning the last two syllables in
the longer utterance, but just a part of the only vowel
in the shorter one. The blue line shows the pitch
contour of a different token of Leonard Millersville
produced by the same speaker with comparable
duration to the token with the black contour. When
considering the differences between these three pitch
tracks, three questions arise. First, how do we capture
the commonalities that lead speakers of some English
varieties to interpret these contours as instances of the
same tune? Second, how do speakers know when to
use this tune, and how do they learn how to
implement it over utterances of different length and
structure? Third, as linguists, how do we separate
(inevitable) random noise, like that between the blue
and black contours in Fig. 1, from other types of
variability that we may need to account for, such as
dialect, style and politeness effects [4, 14, 15, 20], and
how do we separate these from inter-speaker
variability [14]? In short, the challenge is how to
make sense of all these types of variability, how to
abstract generalities beyond them, and how to
disentangle phonological intonational contrasts as
encoded in F0, from other influences on F0.

ABSTRACT
A major issue in intonation research is modelling
fine-grained variability while capturing significant
generalizations needed to guide typology and
abstraction. I argue that this remains an unresolved
issue because of the assumed direct and invariant
relationship between abstract tonal categories and F0,
which is treated as intonation’s only exponent. New
findings and modelling from my own research
programme together with documented typological
diversity inform a revised understanding of the
relation between abstract intonational structure and
phonetic realization. This body of work shows that
tonal events are comparable to segments: they are
realized by a number of phonetic dimensions that
exhibit within-category variability and cross-category
overlap, and are in trading relationships with each
other. Recognizing the variable realization of tonal
events requires that we relax the invariance criterion,
and accept that (a) the relationship between intonation
and F0 is not straightforward, and (b) intonational
meaning is critical for determining intonational
categories.
Keywords: intonation, phonetic modelling, typology,
phonetic variability
1. INTRODUCTION
The focus of this paper is the representation and
phonetic realization of intonation. Intonation refers to
the language-specific and systematic modulations of
F0 that span entire utterances and have grammatical
function(s), such as encoding pragmatic information
and marking phrasal boundaries.
A major challenge for models of intonation is the
need to simultaneously (i) account for fine-grained
phonetic variability in realization and (ii) reach
phonological abstractions useful for capturing
generalizations about intonation form and meaning.
Debates about this relationship are not new or unique
to intonation, as the relationship itself applies to all
levels of speech analysis. The debate, however, has
been particularly prominent in the study of intonation
because of additional layers of variability in its
phonetic realization and the ways in which they have
been handled so far.

Figure 1: Waveforms and F0 contours of uptalk used
with utterances differing in duration; the blue and black
lines represent the contours of two tokens of Leonard
Millersville produced by the same speaker.
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1.2. Treatments of phonetic variability and abstraction

tonal string as a reconstruction of F0 (like other
idealizations), not a symbolic representation. It has
thus led to an assumption that AM representations
should be faithful reflections of F0, thereby
sustaining the confound between F0 and intonation
(see [24] for a discussion on how this assumption may
have been strengthened by the popularity of ToBI
systems). The use of L and H to represent tones
reinforces this view in a way that does not apply to
symbols for segments. The relation between, say, [a]
and its phonetic value is recognized to be one of
convention, and [a] can be used to represent a number
of related vowel qualities. For L and H, however,
there is an expectation (which is, strictly-speaking,
unwarranted by AM), that they transparently
represent actual low and high F0 points [24].
An additional issue is the notion of segmental
anchoring [6], which postulates that tonal targets
reflecting underlying tones align with the segmental
string in a stable manner. This finding of [6] has led
to stable alignment being used as a diagnostic of
phonological status. For instance, [25] use the stable
scaling and alignment of an F0 minimum to argue that
the English pitch accent represented as H* in [31]
includes a low tonal target, and thus that this accent’s
phonological representation should include a L tone.
More recently, the preoccupation with variability
in the face of expected invariance has led to the
development of an International Prosodic Alphabet
(IPrA), in which the precise location of F0 minima
and maxima is a primary analysis criterion [21]. Fig.
3 illustrates how two rises with slightly different peak
alignment are represented in [21]. The assumption is
that L+H* and L+<H* could be contrastive in a
system. For such precision to work in practice,
however, tonal targets must be invariant.

The challenge of determining tonal constituents and
structure while handling variability has met with a
number of approaches. Most focus on one of the
challenges only. Thus, several early models
developed representations that are by and large
idealized versions of pitch contours, and (with the
exception of IPO [38]), do not address variability at
all [10, 19, 30, 33]. This is illustrated in Fig. 2 using
the British School notation [30].
Figure 2. An idealized pitch contour using the British
School notation; from [30, p. 29].

Some models have instead focused on capturing
variability [13, 34]. For example, Xu and colleagues
used root mean square error (RMSE) to measure the
distance between natural F0 curves and curves
synthesized following the principles of a number of
models [34]. In this approach, the goal is to be as
close as possible to the original F0 contour and
capture every microprosodic effect. As argued in [6],
by focusing exclusively on granularity, these types of
models fail to capture significant generalizations. At
the same time, they fail to separate lawful variation
from random variability.
In contrast to the above models, the autosegmental
metrical model of intonational phonology (henceforth
AM [24]) appears at first glance to address both
challenges. AM is a phonological model in which
intonation is represented as a string of H (high) and L
(low) tones phonologically associated with the
prosodic tree, specifically with either prosodic heads
(typically stressed syllables) or phrasal boundaries.
The model provides a mechanism for connecting the
abstract tonal string to phonetics: L and H tones are
phonetically realized as tonal targets, local minima
and maxima defined by two dimensions, their scaling,
i.e. their pitch (or F0) height, and their alignment, i.e.
their synchronization with the segmental string. This
synchronization reflects the phonological association
of the tones with prosodic structure: e.g., H* is a pitch
accent, i.e. a tone that associates with a prosodic head;
phonetically this H* is realized as high F0 on a
stressed syllable (or close to it).
Although AM would appear to provide a solution
to the main challenges noted above [6], a number of
assumptions, practices, and diagnostic criteria have
conspired to turn variability into a problem.
First, although AM is a phonological model, its
representations are often treated as akin to phonetic
transcriptions. This understanding in effect treats the

Figure 3: IPrA representations of the alignment
contrast between L+H* and L+<H* accents; black lines
represent idealized F0; blue rectangles represent the
stressed syllable; after [21].

Given many standard practices in intonation
research (see e.g. [22, 23]), the assumption of
invariance evinced in [21] may seem well-founded.
Many studies rely on scripted data elicited from
dialectally homogeneous groups of educated speakers
who are at ease with reading from a script in a
consistent manner; thus the data of many existing
studies are relatively uniform [2]. Further, statistical
analysis focuses on the presence of significant
differences between putative categories, since such
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differences are the main criterion for determining
tonal status. These practices create the impression
that tonal categories are (or should be) phonetically
distinct and invariant. They lead to an expectation that
distributions for some phonetic feature, such as early
vs. late peak alignment said to distinguish L+H* and
L+<H* in Fig. 3, are akin to the distributions in Fig.
4a: narrow and completely distinct from each other.
On the other hand, realistic distributions of the same
feature (peak alignment), like those in Fig. 4b, are
considered problematic.

-1 standard deviation respectively. F0 curves are
composites of PC1 and PC2 (and additional PCs to a
much lesser extent), with the contribution of each PC
to the shape of the F0 curve being determined by its
coefficient. In their aggregate the PC coefficients (or
scores) differ significantly by accent (for the
statistical analysis see [26]). What is of interest here
is the overlap between accents in terms of these
scores. This is illustrated in the density plots of PC1
and PC2 in Fig. 6, which shows substantial overlap in
PC scores for the three accents.
Such overlap should not be surprising. It is normal
for all types of phonetic categories. It applies even to
categories that are critical for encoding phonological
contrasts, such as short- and long-lag VOT which
phonetically distinguish phonologically voiced and
voiceless stops in English [28]. The PC density plots
also show that some categories may have more stable
realization than others; this is the case here with the
H* accent, relative to L+H* and H*+L [cf. 37].
Further, the data show that scaling and alignment
are not independent of one another: as the curves in
Fig. 5 show, peak location and scaling covary; e.g. a
higher PC1 score leads to an earlier and higher peak
relative to a low PC1 score; the peak of the positive
PC2 curve is both higher and delayed relative to the
peak of the negative curve. This suggests that it is not
possible to neatly distinguish alignment from scaling
and consider them independent of each other.

Figure 4. (a) Idealized distributions of early peak (EP)
vs. late peak (LP) alignment; (b) schematic
visualization of realistic distributions; (c) peak
alignment as a continuum from early to late peak.

In short, the approaches to intonation so far have
either ignored variability altogether, or have made it
into a core issue: it is either the main focus of
modelling or a problem to be solved. In what follows
I present results from recent work which show why
this approach should be revised. These results support
a different approach to intonation and advocate in
favour of greater reliance on meaning.

Figure 5. PC1 and PC2 curves modelling 844 F0
curves evenly distributed among the H*, L+H* and
H*+L accents of Greek (for details, see text and [26]).

2. PHONETIC VARIABILITY AND
CATEGORY OVERLAP
The extent of variability in intonation is glimpsed by
means of Functional Principal Components Analysis
(FPCA, [17]). FPCA captures essential modes of
variation in curves and returns them in functional
form, as Principal Components (PCs). Each F0 curve
in the analysed sample receives a coefficient for each
PC, showing the extent to which this PC contributes
to the shape of this curve. In [26] we used FPCA to
analyse data from thirteen speakers of Greek who
produced short utterances in dialogues leading to the
use of one of three accents, H*, L+H* and H*+L,
depending on pragmatics [3]. The accents show
variability due to tonal crowding: they all appear in
one of the last three syllables of an utterance followed
by L-L% edge tones.
FPCA of 844 F0 curves that constituted this
corpus showed that the first two PCs capture 88.7%
of the variability in the curves. The shape of the PCs
is illustrated in Fig. 5: the black line represents the
average curve in this body of data; the curves with +
and – symbols represent the changes to the average
curve when the coefficient of the depicted PC is +1 or

Figure 6: Density plots of PC1 scores (a) and PC2 scores
(b), separately for H*, L+H*, and H*+L Greek accents.
(a) PC1

(b) PC2

Such variability is not unique to these accents;
similar results are presented, e.g., for Greek whquestions [15, 16], despite the fact that the
investigated differences in pitch contours are
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pragmatically robust [9]. More generally, variability
has been reported for a number of languages. For
example, loose tonal alignment is a characteristic of
several languages, including Dalabon [11], Mawng
[12], and Ambonese Malay [27]. These findings
indicate that strict alignment is not necessary, and that
a looser association between tonal events and
structural positions may be the norm in some systems.
This could be due to other prosodic properties, such
as a lack of lexical stress, as in Ambonese Malay [27],
or to word order and morphological structure [11, 12].

Additional cues need not be local to the syllable(s)
synchronized with a tonal event. The Greek accent
data were also modelled to include the presence of a
preceding accent and its effect of PCs [26]. The
results show that the presence of a preceding accent
does affect F0 scaling, with effects being specific to
each accent and consistent with its representation
[26]. These changes, which affect the F0 of
unaccented syllables, could be cues that help listeners
predict the identity of upcoming tonal events.
Although the role of these additional cues is as yet
unclear, it is evident that they are worthy of further
investigation.

3. BEYOND ALIGNMENT
As the above findings indicate, overlap between tonal
categories is inevitable, and stable alignment may not
be an option at all for some categories or linguistic
systems. If so, it is worth considering alternative
measures, criteria and practices in the analysis of
intonation.

3.2. Optional tonal targets

An additional criterion for phonological status is
proposed by [8]. The authors examined routine and
urgent calls in Polish and showed that the rise found
in both is treated differently under tonal crowding. As
shown in Fig. 7, when these tunes are realized on a
monosyllable, the rise to a peak in the routine tune is
retained, while that of the urgent tune is truncated.
This suggests that the rise is essential for the identity
of the accent only in the former tune. This is reflected
in the representations proposed in [8], namely LH*
for the routine and H* for the urgent call accent.

3.1. Multiple cues and cue trading

One of the reasons for the focus on invariance is that
F0 is considered the only exponent of intonation and
thus as essential for determining the identity of a tonal
event. However, many studies show that tonal events
influence the realization of segments they co-occur
with. This suggests that tonal events are cued by
multiple parameters, not just F0 [8, 29]. Cue
redundancy and cue-trading are not new concepts
when dealing with segments [35], though they are
only beginning to be discussed in intonation [14].
Such cues can be specific to particular tonal
events. For instance, the PC scores of the Greek pitch
accents discussed above have been statistically
modelled to include the duration of the analysis
window. All accents showed a negative correlation
between duration and PC1, suggesting a trade-off
between pitch height and duration to encode
accentuation. However, for L+H*, the results also
showed a negative correlation between PC2 and
duration; in other words, for this accent there was a
trade-off between getting the “scooped” shape right
or using duration to encode contrastiveness (cf. [7] on
the role of duration in realizing this accent). A similar
connection is reported in [2] for the L+H* of Greek
Thrace Romani. Likewise, [8] examined two tunes
used in Polish for routine and urgent calls and report
than the latter is associated with higher RMS
amplitude of the accented syllable. Similar results are
reported in [15] for the wh-question tunes of Greek.
In [15] it is shown that although accentual peak
alignment (early or late) and boundary tone scaling
(!H% or L%) are both strong tune predictors, so is the
duration of the final vowel.

Figure 7. Waveforms and F0 of Piotr with the routine
(left) and urgent call (right) tune of Polish; after [8].

3.3. Analytical decisions

A practical question that arises is how to deal with the
variability documented above when analysing a new
intonation system. In [2] I discuss a number of
sources of variation and argue that they should be
considered before observed changes are deemed to
reflect a phonological difference. In short, in [2] I
advocate for analytical simplicity unless evidence
suggests otherwise.
This principle is put to practice in the analysis of
Greek Thrace Romani intonation [2]. The corpus is
one of spontaneous speech from a non-standardized
linguistic variety spoken primarily by speakers with
little schooling who are trilingual in Romani, Turkish
and Greek. Under these conditions, typical tests of
invariance fail. This is illustrated in Fig. 8, which
shows several instances of a H* accent in an utterance
from a semi-spontaneous task. No two instances of

4

H* are similar phonetically, with differences relating
to segmental context and the vicinity of other accents.
The solution advocated in [2] is to rely on the
pragmatic role of the accents: the utterance in Fig. 8
is all new, so the accents are treated as instances of
the same tonal category. To ensure parsimony, these
accents are represented as H*, as the presence of a
preceding low target is optional. What the H* tokens
have in common in terms of phonetics is that the
accented syllable has high F0 in all of them.

5. TINT: TOWARDS A NEW APPROACH
Below I propose a new approach to intonation
research based on the above findings. It is a set of a
principles, stemming from a main postulation, which
can be condensed into tame intonation (TINT):
intonation is comparable to other subsystems of
phonology, not Bolinger’s “half-tamed savage” [10].
The “untamed” side of intonation reflects
paralinguistic, non-structural effects on F0, which,
should not be confused with intonation proper. It
follows that the study of intonation should rely on the
criteria and assumptions used for the study of
segmentals. A number of corollaries stem from TINT.
Realization
• Intonational categories are likely to show phonetic
variability the extent and sources of which can only
be empirically determined.
• Although F0 is the main exponent of intonation, it
is unlikely to be the only one.
• Not all F0 variations reflect phonological structure;
empirical testing is required to determine which do.
Representation and analysis
• Phonological representations should be used to
capture contrastiveness in a system, not variability.
• Criteria for positing contrasts should include
phonetic evidence, system-internal considerations
[18], and the role of meaning.
• Invariance on some phonetic dimension should not
be considered essential or used as the main criterion
for establishing phonological categories.
• Paralinguistic notions (such as emphasis) should
not be used in lieu of formal pragmatic definitions
of meaning distinctions.
Processing
• The identification and interpretation of tonal
categories during processing relies on (i) local
phonetic detail and cue-weighting, (ii) distal
context, such as the realization of other tonal events
in the utterance, and (iii) top-down information,
including pragmatic context.

Figure 8. Waveform and F0 contour of “on Abdul there
are three apples” showing multiple instances of H*
accents in Greek Thrace Romani; after [2].

4. CONTINUA, CATEGORY OVERLAP AND
THE ROLE OF MEANING
This understanding of phonetic realization
requires systematic use of intonational meaning as a
criterion during analysis. Although formal models of
intonational meaning are available [32, 36], they have
not been extensively tested or systematically applied
to languages other than English. In addition, many
descriptions of intonational meaning blur the
boundaries between linguistic meaning and
paralinguistic information. A case in point is the
debate as to whether H* and L+H* are two distinct
accents in English or present the edges of a continuum
(and thus they are instances of the same category). In
[32], the analysis that posits two categories, H* and
L+H*, the meaning of the accents is formalized in
terms of their contribution to the common ground, i.e.
within a recognized pragmatic framework. In
alternatives such as [24], the accents form a
continuum that stretches from least to most emphatic,
with earlier peak alignment (and lower scaling) at one
end and late peak alignment (and higher scaling) at
the other; in short, this leads to a distribution like that
in Fig. 4c, along the scaling and alignment
dimensions. As argued in [1], the analysis in [32]
relates to intonation, while that in [24] is
paralinguistic: both the realization and the
interpretation are gradient. The former analysis
allows for within-category variability (as in Fig. 4b),
while the latter can only reflect genuine gradience.
The possible presence of such gradience and its
relation to intonational contrasts and within-category
variability is a topic worth examining further.

6. CONCLUSION
In conclusion, this body of work invites a re-think of
standard practices and assumptions in the study of
intonation that go beyond AM. It shows that tonal
events are comparable to segments: they are realized
by several phonetic dimensions that are in trading
relationships with each other and exhibit withincategory variability and cross-category overlap.
Recognizing the variable realization of tonal events
requires that we relax the invariance criterion, and
accept that the relationship between intonation and F0
is not straightforward, and intonational meaning is
critical for determining intonational categories.
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ABSTRACT

work covered in this paper can be described as a form
of analysis by synthesis, where a certain communicative
phenomenon is first codified as a software algorithm and
then evaluated with human subjects (after which the process optionaly iterates). In this paper I describe a series of
experiments where talking heads and social robots have
been used to gain insight into phenomena within human
spoken communicative behaviour.
The remainder of this paper is organized as follows.
First we consider talking heads both in virtual and physical form (i.e. robots) and their relative merits and drawbacks. Then we look at how talking heads and robots may
be used as tools in studying different aspects of human
communicative behaviour in a variety of settings such as
audio-visual speech perception, interaction and dialogue.
Finally we discuss the role of embodiment for a virtual
agent or robot: how does a physical robot differ from a
virtual one, or a full-bodied humanoid vs a talking head;
how may we measure these differences and how may we
compensate for them?

This paper discusses how animated talking heads and
physical social robots can benefit investigations into human spoken communication. It gives an overview of a
series of experiments carried out in our group in recent
years that highlight how these types of technologies can
serve as a tools for controlled experiments in phonetics
sciences in order to investigate aspects in visual speech
perception and face-to-face interaction. It also discusses
the role of agent embodiment, both in terms of how physical situatedness influences perception and interaction,
and how different robot/avatar embodiments (e.g. headonly vs full-body humanoid) influence the expressivity
and suggests how such effects may be studied and compensated for using stylized or exaggerated motions.
Keywords: talking heads, social robots, multimodal interaction, motion capture, conversation
1. INTRODUCTION

2. VIRTUAL AND PHYSICAL TALKING HEADS

Spoken language- and multimodal interaction technologies are developing at a rapid pace. Currently we see
a surge in voice-based technologies deployed on smart
speakers, in cars and on our mobile phones. While these
disembodied agents work well for short query and command/control style interactions, there are applications
in fields such as education, service, retail, health, elderly care, simulation, training and entertainment where
these simple voice-only interactions fall short. This is
where animated agents and social robots have an important niche to fill. In situations that involve long-term or
sustained interaction (e.g. a personal tutor or a companion robot) agents that leverage other modalities such as
gaze, gesture and facial expression will serve to increase
engagement, attention and robustness in the interaction.
But we can also use these embodied interaction technologies as vehicels for more basic scientific discovery. Just
as early speech synthesis models paved the way for discoveries in human speech perception, talking heads and
visual speech models have been used extensively in research on mechanisms on audiovisual speech, both in
terms of perception and production. Taking the paradigm
further, the availibility of simulated humans that can take
part in human face-to-face interactions gives us the ability
to test hypotheses of human communicative behaviour by
implementing them in artificial simulations. The words
of physicist Richard Feynman, What I cannot create I
do not understand succinctly captures the idea. In particular, the general scientific approach that governs the

In 1972, Parke created the first parametric 3D model of
the human face for computer animation [11], which was
an enabler and an inspiration for a generation of reserachers to start building virtual talking heads; 3D facial
models controlled by rules or data-driven techniques in
order to generate realistic visual speech animation based
on linguistic input. These types of models have applications in a large number of settings such as education,
training, simulation, entertainment, telepresence and virtual/mixed reality. There are however inherent limitations with pure animation based solutions when it comes
to real-world applications, in that the character is confined to the screen it is being displayed on. On the other
hand, physical talking heads, in the form of robots, makes
it possible for the interaction to be situated in the same
physical space as the user. This has some very important
implications, such as the ability to convey spatial gazeinformation[5], cruical for efficient multi-party interaction or join attention. Furthermore, it has been shown
that users tend to show more engagement with robots
than with virtual characters [7]. There are however some
apparent drawbacks with mechatronic faces. These include motor noise, mechanical complexity (leading to
high costs and high maintanence), limited motion capacity and limited customizability (not possible to change
face identity). We have developed a hybrid solution, the
Furhat robot [10], that is a robotic head with movable
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neck that uses projected animation to display the face.
Furhat was concieved out of frustration with the limitations of current social robotics technologies, and it combines the benefit of animation (highly flexible, silent and
low-cost) with those of robotics (physically situated, socially engaging), which makes it a suitable platform for
investigations in social face-to-face interaction.

ing auditory prominence. The experiment showed that
presenting prominence as facial gestures significantly increased speech intelligibility compared to when these
non-verbal gestures were either absent or are added at
randomly selected syllables.
We also conducted a follow-up study examining the
perception of the behavior of the talking heads when gestures are added over prominent syllables. We used gaze
tracking technology and questionnaires with 10 moderately hearing impaired subjects who were exposed to audio book material accompanied by a talking face with and
without the additional prominence gestures. The results
of the gaze data revealed an interesting pattern: when
there was no movement in the face apart from the articulation, the gaze pattern focused almost exclusively on the
mouth and on areas outside the face. When non-verbal
motion was present, gaze-patterns covered mouth and upper face in roughly equal proportions, which is consistent
with patterns observed from studies with natural human
talking faces. From the questionnaires, it is evident that
the gestures significantly increase the naturalness and the
understanding of the talking head.
The results show the importance of non-verbal motion
in the face and that even very simple rules (adding gestures on prominent syllables) are an effective means of
improving both naturalness and intelligibility.

3. SPEECH INTELLIGIBILITY AND
CO-VERBAL MOTION
When we speak, our faces are in constant motion. Not
only the articulators, but also eyebrows, eyelids, eyes,
head and neck are involved in highly orchestrated movement.
The contribution of lip movements to speech perception has been thoroughly studied and quantified, e.g.
Summerfield [14] showed that the information carried in
the face compared to only the acoustic signal can equal
up to 11 dB benefit in Signal to Noise Ratio (SNR). The
contribution of lip movements is especially evident when
the quality of the speech signal is degraded, where looking at the lips can help substitute the loss in the speech
signal. There are practical applications that capitalize on
this effect, e.g. in the domain of accessibility and inclusion: in two projects [12], [4], we developed a virtual
speech reading support system based on animated talking heads driven by speech in real-time. In these projects
we carried out intelligibility studies with speech in noise,
revealing gains in word-level intelligiblity from an animated talking head close to that obtained with a video of
the real talker.

3.2. Animated Lombard Speech

In the presence of acoustic noise, humans seamlessly
adapt their speech production and perception strategies in
order to compensate for the acoustic external conditions
and maintain communication. According to the theory
of Hyper-Hypo articulation [8], speakers economize their
speech production with the goal to make themselves understood in a particular communicative situation.
In [1] we were interested in how this effect could be
exploited for the purposes of accurate and highly intelligible talking face animation. The basic idea was to expose a talker to various noise levels during speech production and measure his articulation using motion capture. We recorded audio, video and facial motion capture
data of a talker uttering a set of 180 short sentences, under three conditions: normal speech (in quiet), Lombard
speech (in noise), and whispering. We then created an
animated 3D avatar with similar shape and appearance as
the original talker and used an error minimization procedure to drive the animated version of the talker in a way
that matched the original performance as closely as possible. In a perceptual intelligibility study with degraded
audio we then compared the animated talker against the
real talker and the audio alone, in terms of audio-visual
word recognition rate across the three different production conditions. We found that the visual intelligibility of
the animated talker was on par with the real talker for the
Lombard and whisper conditions. In addition we created
two incongruent conditions where normal speech audio
was paired with animated Lombard speech or whispering.
When compared to the congruent normal speech condition, Lombard animation yields a significant increase in
intelligibility, despite the AV-incongruence. In a separate
evaluation, we gathered subjective opinions on the differ-

3.1. Intelligibility and Visual Prominence

Given the intelligibility gains obtained from synthetic articulatory movements, we were curious to see if other
types of of co-verbal behaviour in a talking head would
be able to further increase intelligibility of the speech signal. In [9] we decided to focus on prominence which can
be generally defined as when a linguistic segment is made
salient in its context. Prominence is a prosodic function
that (1) is known to be of importance for speech intelligibility, (2) has been shown to be strongly correlated with
head- and facial movements and (3) possible to approximate from the raw speech signal without understanding of the semantic content. Point (3) was of particular
importance to our application (real-time speech reading
support) since we did not want to rely on speech-to-text
functionality, because it would incur to much latency in
the system for fluent conversation, as well as being error
prone (especially at the time of this study).
In order to investigate the effects of facial prominence cues, in terms of gestures synthesized on an animated talking head, we conducted a speech intelligibility, where speech was acoustically degraded and the
fundamental frequency cues were removed from the signal by means of a noise-excited vocoder. The speech
was presented to 12 subjects through a lip synchronized
talking head carrying head-nods and/or eyebrows-raising
gestures, which were synchronized with syllables carry-
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"meek") by changing the gestures of a talking avatar representing the other person? The experiment was set up
as follows: Two people were conversing freely over a
voice-only skype connecion. On a screen in front of each
of the participants was an animated talking head avatar,
whose lip movements were synchronized in real time to
the speech of the other person [12]. The gaze behaviour
of the avatar was controlled by the joint speech activity of the two speakers, according to one of two possible strategies: Strategy A was designed to encourage
the user to take the turn by meeting the gaze of the user
at points of potential turn (become more "pushy"), and
strategy B did the opposite - disencouragement by gaze
aversion at turn changes ("meek"). If the avatar on one
side employed strategy A, the avatar on the other side
would use B and vice versa. The two strategies were automatically switched at regular intervals (approx. every 10
turns). Six 10-minute interactions (12 different subjects)
were recorded with the setup, and the turn-taking statistics were monitored. Results showed that the percentage
of times that users took the turn was significantly lower
during B (meek) conditions than in the A (pushy) condition. In a post interview, none of the subjects reported
taking any notice to the gaze patterns of the avatar, yet
they were all influenced by it.

ent animations, and found that some degree of incongruence was generally accepted.
The key take-home message from this experiment is
that the extended articulatory motion exhibited in Lombard speech indeed translates to increased visual intelligibility, even when paired with non-Lombard audio, and
varying the acoustic environment during production appears to be a viable method of eliciting varied and natural
visual speech data.
3.3. Speechreading in 2D and 3D

The Furhat robot [10] was developed as an extension of
our talking heads into physical space; we used the same
underlying animation tools as described in the previous
experiments, but the animation was retro-projected onto
a translucent plastic mask instead of being displayed on
a screen. One concern we had in this development was
that the design would hamper decoding of visual speech
when compared to the on-screen face, given that the jaw which is known to be an importan carrier of visual speech
infromation - would be fixed on the robot mask. We decided to repeat our earlier speech-in-noise visual intelligibity studies with the robot [10]. In this experiment, 10
normal hearing subjects were presented with acoustically
degraded speech paired with one of 6 visual conditions:
(1) black screen (audio only), (2) an animated face on
flat screen in frontal view (3) back-projected robot face
in frontal view, (4) animated face on screen in 45◦ side
view, (5) robot face in 45◦ side view and (6) a frontal
video of the real talker. The results showed (much to our
surprise) that the audiovisual intelligibility of the backprojected face was significantly better than that of the animated screen on the face (only surpassed by the video
of the real talker). To be noted here is the fact that the
face displayed on the screen was identical to that being
projected onto the plastic mask of the physical robot. The
result suggests that the physical presence of the robot face
in the same space as the user plays a crucial role, which
is in line with findings in literature showing that people
have a stronger behavioural and attitudinal response towards a physically embodied agent than a virtual one [7].

4.2. Multi-Party Gaze in 2D and 3D

One of the initial motivations behind designing the Furhat
robot [10] was the limitation of conveying gaze direction faithfully from a head presented on a flat 2D screen,
thanks to the Mona Lisa effect [5]. This has implications
for multi-party interaction: if multiple users interact with
an agent, how do they know who is being addressed by
the agent?
An experiment was set up to see if use of a physical talking head (the Furhat robot) would lead to more
efficient turn-taking in a multi-party question-answering
task, when compared to an avatar on a screen. Five subjects were seated at an equal distance to an animated
agent. The agent was either displayed on a 2D screen,
or projected onto a 3D mask (Furhat). On each turn, the
agent would shift the gaze (without any head rotation)
towards a randomly selected subject and pose a question, and await an answer. The experimenter kept track
of who responded, as well as the question-response latency. In the 2D condition, the person indicated by the
gaze answered in 53% of the cases, while the corresponding number in the 3D condition was 84%. Furthermore,
the 2D condition, subjects needed on the average 34%
longer to answer. Both effects were statistically significant. Although the ecological validity of the experiment
may be questioned, it gives a clear indication of the relevance of physically situated embodiment in multi-party
interaction.

4. TURN-TAKING AND GAZE
In this section I will discuss experiments that involve
face-to-face interaction. There is a whole range of phenomena related to interaction regulation and turn-taking
where gesture, gaze and facial expressions are key signals, and avatars and/or robots can serve as vehicles on
the road to deeper understanding of these mechanisms.
4.1. Pushy vs meek

Transformed social interaction (TSI) is a powerful investigative paradigm, that involes mediated interaction
where the signal is manipulated on the way [3]. We used
TSI to investigate if conversational turn-taking behaviour
could be actively influenced by manipulating gaze patterns of an avatar [6]. More precisely, could we make
people take the turn more or less often in a conversation with another person (i.e. become more "pushy" or

5. EXPRESSION AND EMBODIMENT
Unlike their human counterparts, artificial agents such as
robots and game characters may be deployed with a large
variety of face and body configurations. Some have artic-
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ulated bodies but lack facial features, and others may be
talking heads ending at the neck. Generally, they have
many fewer degrees of freedom than humans through
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onto the agent. In [2] we study non-verbal expression in
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We performed a full performance capture (gaze tracking, face- and body motion capture) of a mime actor enacting short interactions varying the non-verbal expression along five dimensions (e.g. level of frustration and
level of certainty) for each of the three embodiments. The
recordings were mapped to animated robot configurations
representing different embodiments. We then performed
a crowd sourced evaluation experiment comparing the
video of the actor to the video of an animated robot for
the different embodiments and dimensions. Our findings
suggest that the face is especially important to pinpoint
emotional reactions, but is also most volatile to filtering
effects. The body motion on the other hand had more diverse interpretations, but tended to preserve the interpretation after mapping, and thus proved to be more resilient
to filtering.
The main contributions of the study regard the way expressive motion is studied across embodiments and the
framework in which the motion is applied to the embodiments; instead of recording natural human motion, we
record motion specifically tailored to fit the different embodiments. In this sense, we favor believability and appropriateness over realism.
6. CONCLUSIONS
Human spoken communication is inherently multimodal
and to study it, we need tools that take his into account.
Facial animation and robotics technology can be important assets in this endavour. In addition, as robotics and
virtual agents become part of our daily lives, it is important that we understand how interaction with artificial
characters works, and how it relates to human-human interaction: what are the limitations, how can we compensate for them, and what research is needed in order to
increase our understanding of such interactions as well as
the utility of virtual agents and social robots.
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influenced by production tasks [25, 36, 39, 15, 41,
49]. Other experiments have explored the link
between production and perception by measuring the
effects of various perceptual tasks on speech
production, e.g. [7, 8, 34]. Importantly, these studies
suggest that not only heard speech, but also seen and
felt speech is tightly linked to speech perception and
production [9].

ABSTRACT
Current understanding of speech production and
perception assumes that multisensory (auditory,
visual, and proprioceptive) information is linked to
the actions of orofacial articulators, and these
relationships are established early in life. Although
many studies have examined the role of visual cues
in speech perception, less is known about their role
in speech production. We review studies of speech
produced by congenitally blind versus sighted
French speakers. They suggest that early access to
visual input impacts articulatory strategies used to
implement phonological targets. Implications for
perceptuo-motor theories of speech production and
perception are discussed.

2. VISUAL IMPAIRMENT AND SPEECH
Since multimodal sensory input is linked to speech
production, sensory deprivation can affect speech
production. Many studies have shown that severe to
profound hearing loss greatly affects a speaker’s
ability to produce intelligible speech, as reviewed in
[6]. Reliance on visible articulators such as the lips
and jaw is enhanced in some hearing-impaired
listeners. In contrast, less is known about the
influence of visual deprivation on speech perception
and production. The fact that congenitally blind
speakers learn to produce correct speech sounds
suggests that visual cues are not needed to control
speech movements.
A quick examination of the perceptual saliency of
French contrasts in the auditory and visual channels
suggests that some features might be more affected
by visual deprivation than others. French oral
vowels are organized along three phonological
contrasts: height, rounding, and place of articulation.
The phonetic implementation of those contrasts
requires both visible (jaw and lips) and invisible
(tongue) articulators. For example, producing
rounding contrasts (involving the lips) is more
visible than producing place-of-articulation contrasts
(involving the tongue), although modelling studies
reveal that complementary maneuvers between the
tongue and the lips can produce the same acoustic
target [23]. Regarding the height dimension,
however, various gestures can be recruited to
achieve specific contrasts, in complementary ways
[20, 32, 33]. For example, contrasts between high
and low vowels can be implemented mainly through
variations in jaw position, the tongue being
passively carried. In contrast, jaw position can
remain relatively stable while the tongue is actively

Keywords: speech production, vision, speech
development, multisensory perception.
1. MULTISENSORY PRODUCTIONPERCEPTION RELATIONSHIPS
In face-to-face conversation, speech is produced and
perceived through various modalities. Movements of
the lips, jaw, and tongue, for example, modulate air
pressure to produce a complex waveform perceived
by the listener’s ears. Visually salient articulatory
movements (of the lips and jaw) also contribute to
speech identification in acoustically degraded
conditions [45, 46] and in non-degraded conditions
[1]. The seminal McGurk effect [22] shows how
high-level speech perception integrates auditory and
visual features. This phenomenon occurs when a
listener hears a stimulus such as /pa/ while watching
a discordant visual stimulus such as /ka/. For most
participants, the resulting percept is a fusion of both
modalities (i.e., /da/).
In recent decades, much evidence was found to
support the existence of a functional link between
action and perception in speech, e.g. [5, 13, 42]. This
phenomenon is referred to as “sensorimotor
integration.”
Several
behavioral
and
neurophysiological studies have attempted to
evaluate how speech perception processes are
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elevated or depressed. These articulatory maneuvers
yield various visual effects, jaw movement being
visible while tongue movement is not (apart from
tongue tip displacements, partially visible when the
mouth is opened). It remains to be determined
whether the use of visible vs. invisible articulators in
the implementation of French vowels is affected by
sensory input.

latter group. Next, a subset of the vowels produced
by all speakers were submitted, as an auditory
identification test, to a group of 20 adult sighted
French listeners. As shown in the two left-most bars
in Fig. 1, interestingly, the intelligibility scores did
not differ significantly between blind or sighted
adults. (Scores in children are discussed later).
Figure 1: Intelligibility scores (% correct
responses) of vowels produced by sighted and
blind adults and children.

2.1. Speech perception and production in
congenitally blind adults

100

Intelligibility score (% correct)

It is well documented that auditory perception
abilities of congenitally blind individuals differ from
those of sighted individuals [12, 14, 19, 27, 30, 43,
44]. Many studies have also shown how cortical
areas devoted to vision in sighted subjects are active
in blind speakers during speech perception tasks,
e.g. [3], pointing to the important cortical
reorganization that occurs in sensory-deprived
populations. Since, according to many, the ability to
perceive speech is related to the amount of contrast
produced between two sounds, e.g. [34], this
between-group difference in auditory discrimination
may entail differences at the production level.
Furthermore, apart from differences in auditory
discrimination between congenitally blind and
sighted speakers, visual deprivation per se might
also lead to differences in the control of the speech
articulators (especially the visible ones).
The effects of congenital visual impairment on
the perception and production of phonetic contrasts
in Canadian French vowels were investigated in a
series of studies. First, a cohort of 12 congenitally
blind adults and age-matched sighted adult control
participants was recruited [24]. All participants
produced several repetitions of the ten French oral
vowels. Auditory acuity was evaluated through AXB
discrimination tests of synthesized vowels along five
continua: /i/ versus /e/, /e/ versus /ε/, and /ε/ versus
/a/ (representing height), /y/ versus /u/ (representing
place-of-articulation), and /i/ versus /y/ (representing
rounding). Blind speakers had significantly higher
peak discrimination scores than sighted speakers for
the /e/–/ε/ and the /ε/–/a/ contrasts. The difference in
peak discrimination scores for the /i/–/y/ continuum
did not reach significance (p < .07) but the observed
pattern was similar to the significant difference
noted for the other two contrasts. At the acoustic
level, produced contrast distances, measured by the
value of average vowel space (AVS), were
significantly higher for sighted speakers than for
blind speakers. Vowels were thus spaced farther
apart in the acoustic formant space for sighted
speakers than for blind participants, despite the
higher auditory discrimination scores attained by the
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To further investigate the effects of blindness on
speech production, the contributions of upper lip
protrusion and tongue shape/position in the
implementation of the French phonological vowel
contrasts mainly involving those articulators
(rounding, place of articulation, rounding and place
of articulation combined) were examined [25].
Ultrasound imaging was used with audiovisual
recordings. This showed that the lips and tongue
were involved in the implementation of the rounding
contrast, but the magnitude of the variance in upper
lip protrusion (in mm) between those vowel pairs
was significantly greater for sighted participants
than for blind participants. Regarding the place of
articulation feature, tongue front-back position
differences between those pairs were significantly
greater for congenitally blind speakers than for their
sighted peers. However, the contribution of upper lip
protrusion was reduced for the blind speakers,
suggesting a trade-off relationship. The analysis of
vowel pairs involving contrasts in both rounding and
place of articulation showed that sighted participants
had a larger range of upper lip protrusion compared
to blind participants. The reverse pattern was found
for tongue curvature and front-back position of the
tongue, for which the blind group produced greater
variation in articulatory position.
In follow-up studies, variations of intelligibility
demands were done through manipulations of
prosodic focus [25] and speaking condition [26].
Contrastive focus has been reported to increase
perceptual saliency and to enhance phonemic
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distinctiveness, whereas speaking condition,
especially clear speech, is used to increase global
intelligibility of the constituents. Concerning
prosodic focus [25], two groups of nine speakers
were recorded while producing the vowels /i/, /y/,
/u/, and /a/ in three consonantal contexts (/b/, /d/,
and /g/) and in two prosodic conditions (contrastive
focus and neutral). Both subject groups produced
acoustic correlates of focus, but the articulatory
strategies they used differed. At the acoustic level,
this study showed that both sighted and congenitally
blind speakers used increased values of pitch (F0),
intensity (RMS), and duration to signal prosodic
contrastive focus in French. At the articulatory
level, lip geometry was affected differently by the
prosodic condition: the internal lip area values were
significantly increased under focus for all
consonantal contexts in sighted speakers, while they
were not significantly increased for blind speakers.
As for upper lip protrusion, prosodic condition was
found to affect only the vowel /y/ in sighted
speakers. In the case of clear speech [26], sighted
and congenitally blind participants were recorded
using electromagnetic articulography (EMA) while
producing multiple repetitions of the ten French oral
vowels in carrier sentences, in conversational and
clear speaking conditions. Articulatory variables
(lip, jaw, and tongue positions) as well as acoustic
variables (contrasts between vowels, within-vowel
dispersion, pitch, duration, and intensity) were
measured. Lip movements were larger when going
from conversational to clear speech in sighted
speakers only. However, tongue movements were
affected to a larger extent in blind speakers
compared with their sighted peers. Taken together,
these studies provide evidence that productionperception relationships in speech are different in
congenitally blind individuals compared with
sighted individuals.

is missing, such as in cases of congenital visual
deprivation, a complex reorganization of sensory
processing occurs. Such deprivation could affect the
strategies used to develop language [21, 37] and
more specifically to produce phonological targets.
Lewis [18] reported that at the pre-babbling stage,
there was less imitation of lip gestures by a blind
baby than by sighted babies. Blind babies also show
longer babbling phases, as well as delays in the
production of the first words [2, 48]. Elstner [4] and
Mills [29] presented several studies showing
phonological delays and phonetic-phonological
disorders in older children. In a study of syllables
produced by a congenitally blind 2-year-old German
child, Mills [28] reported a higher number of
phonological confusions between groups of visually
dissimilar consonants (labial /b/ vs. velar /k/) for the
blind child compared to two English-speaking
sighted children. A few studies of phonological
awareness, however, reported contradictory results.
Lucas [19] reported a similar percentage of correct
responses in blind and sighted children in an
imitation task. Thomas, Prost, Espesser, and Rey
[47], in contrast, found differences in responses
from eight visually impaired children aged 6.5 to
9.5 years and eight age-matched control subjects. In
a non-word repetition task, the visually impaired
children had significantly more errors on phoneme
contrasts based on visible place of articulation such
as /p/ and /k/. Prost, Espesser, Sabater, ThomasBartalucci, and Rey [35] further studied access to
phonological targets and found similar results.
These mixed results might be ascribed to additional
variables. Indeed, it is difficult to study
homogeneous populations of blind speakers because
observed differences in speech production abilities
between blind and sighted groups might be related
to the presence of uncontrolled variables such as
additional motor control disorders or language
disorders unrelated to the visual impairment.
A recent study investigated the acoustic and
articulatory strategies used by 12 congenitally blind
French speaking children aged 5 to 10 years old and
12 age-matched, sighted control children. They
were instructed to produce multiple repetitions of a
few sentences in a neutral condition and in a
focused condition (similar to the elicitation method
used in [25]). The vowels /i y u a/ were examined.
Articulatory data were recorded using ultrasound
imaging (for the tongue) and audiovisual recording
(for the lips). Apart from the fact that blind children
had larger acoustic and kinematic variability than
their sighted peers, a result suggesting less mature
motor control in the latter than in the former, blind
children had reduced acoustic and articulatory
contrasts (in the lip and tongue dimensions)

2.2. A developmental perspective
Early in life, sighted infants demonstrate strong
capacities to associate sounds with corresponding
visual representations of the lips [16, 17, 38].
Babies also imitate labial movements of sounds that
are visually presented. It is therefore clear that at the
language acquisition stage, infants establish
relationships between auditory parameters and
visual events. Fine-tuning of speech perceptual
processing abilities continues in childhood. For
instance, the weight given to multiple sensory input
(such as visual and auditory cues) is not the same at
10 years of age as in adulthood [10, 22].
Furthermore, sensory modalities interact with each
other during development [11]. When one modality
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between vowels. Moreover, the effect of focus was
observed only in sighted children, who increased lip
and tongue contrasts between the neutral and the
focused condition. Blind children did not alter their
lip and tongue positions under contrastive focus
compared to the neutral condition. Of note, both
groups used increased F0, intensity, and duration on
the focused constituent. Unlike adults, intelligibility
scores of vowels produced by blind children were
significantly lower than those produced by their
sighted peers (see Fig. 1), suggesting that their
articulatory strategies were less efficient
perceptually.
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background to most human history here, and to the
formation and development of most of its languages
– including the roughly 1300 autochonous modern
languages which make it one of the epicentres of
linguistic diversity across the globe.

ABSTRACT
Humans have occupied Sahul for at least 65,000
years; until 9,000 years ago Australia and New
Guinea were one continent. Apart from the
Austronesian arrival around New Guinea's coasts
3,200 bp, there is no evidence of linguistic
immigration into Australia or New Guinea. It is
therefore surprising that they form two distinct
phonological realms rather than sharing some
similarities across this relatively recent human
boundary. I survey the principal characteristics of
both Australia and New Guinea, then make this more
concrete by focussing on languages of Southern New
Guinea, close to Australia. Although modern
languages from this region differ strikingly from
Australian languages in their region, reconstruction of
their ancestral sound-systems by the comparative
method suggests this has not always been the case,
suggesting earlier similarities spanning the Torres
Strait have gradually been erased as these languages
converged in their phonological systems with other
Papuan languages to their north.

Map. Early Sahul occupation dates, also showing
the location of the Yam & Pahoturi languages

A word on terminology: the languages fall into three
groups: (a) Australian (displaying multiple
typological similarities and likely to be all related),
(b) Austronesian (coasts and islands of New Guinea;
relative latecomers to the region, at around 3,500
years ago, and found across a vast area bounded by
Taiwan, Madagascar, New Zealand and Easter
Island), and (c) the diverse congeries of languages
lumped together as 'Papuan'. This latter term does not
denote any phylogenetic or typological unity but
simply means 'language of Sahul which is neither
Australian nor Austronesian'; the more than 860
'Papuan' languages fall into over sixty currently
unrelatable families and isolates (Palmer [3]).
Our tendency to see the region in terms of modern
geography/geopolitics – neatly separating Australia
to the south and Papua New Guinea and Indonesian
Papua to the north – has masked the surprise we
should feel at some curious facts. First, Australian
languages – whether ultimately all related or just a
giant Sprachbund – stop at the continental boundary.
Conversely no languages with claims to have Papuan
relatives are found on the Australian side, outside the
eastern Torres Strait. Beyond this, the linguistic
worlds on the two hemi-continents are as different as
any two regions on earth. Of special interest to this
conference are the striking differences in
phonological systems, to be discussed below.
This should puzzle more people than it has. The
biological realm does not align neatly with the Torres
Strait – southern New Guinea has wallabies,
echidnas, and melaleucas, while Cape York has

Keywords: Australian languages, Papuan languages,
Sahul, sound change, convergence.
1. WELCOME TO SAHUL
For many ICPhS delegates, the salient geographical
unit you are visiting – perhaps for the first time – is
the continental country of Australia, whose
northernmost sea boundary lies in the Torres Strait
3165 kilometres to the north of Melbourne. But had
the conference been held somewhat earlier – say,
8,000 BC – you would have come to a different, much
larger continent, Sahul, uniting Australia, New
Guinea and some smaller islands, only sundered into
the two hemi-continents of Australia and New Guinea
by rising seas around 7,000 BC (David et al [1]). Had
you wished, you could have taken a long hike after
the congress, through (modern) Port Moresby in
modern Papua New Guinea and across to (modern)
Jayapura on the north coast of Indonesian Papua.
Humans have occupied Sahul for at least 65,000
years (Clarkson et al [2]), with occupation dates
indicating early colonisation of most of the region
[Map 1]. It is thus Sahul, not the geographically
recent southern hemi-continent of Australia, which is
the geographical entity that has formed the
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cassowaries, birds of paradise and tree kangaroos.
The ancient geographical layout would have favoured
cultural continuity across the low lands now flooded.
Why should the scission between hemi-continents
have left such a neat division rather than a messier
picture with some 'Australian' languages sprawling in
New Guinea and some 'Papuan' languages in
Australia, even if New Guinea was always more
typologically diverse than Australia and languages
related to those (now) in Australia would have been
found in hills and plains south of the central
cordillera? This paper thus asks: does this apparent
deep cleavage still hold up as comparative
reconstruction takes us back deeper in time?

languages are tonal (Donohue [6]), in stark contrast to
the total absence of tone as a phonological contrast
among Australian languages. Other common features
of Papuan phonologies are: reduced number of nasals
compared to stops (e.g. often lacking palatal or velar
nasals), small liquid inventory (e.g. frequent lack of
/l/ vs /r/ contrast), and relatively few place contrasts.
For example, languages of the Lakes Plain family
(Foley [7]) have tiny consonant inventories, lacking
primary nasals altogether. Clouse [8] reconstructs *p,
*t, *k, *b, *d, plus possibly *w and *j for proto-Lakes
Plain and many of its descendants have barely
expanded this: Iau simply adds an s and lenites b to f.
Vowel inventories are slightly more complex (seven
in Doutai and Kirikiri, eight in Iau), but the languages
possess tonal phonologies of great complexity
(eleven tonal patterns in Obuitai).
Passing from this snapshot of New Guinea
languages as a whole, let us make the contrast with
Australian phonologies more specific by considering
the phonological systems of two languages lying
maximally close to Australia, just north of the Torres
Strait: Nen (Yam family) and Idi (Pahoturi family).
Fig. 2 gives the Nen consonant inventory.

2. CONTRASTING SOUNDSCAPES
The two hemi-continents of interest offer vastly
different phonological worlds.
The Australian languages are famous for the
'theme and variations' similarity of their sound
inventories (Fletcher & Butcher [4]; Fig. 1),
characterised by 'long flat' consonant inventories with
paired stops and nasals at 4-6 points of articulation,
no fricatives, rich liquid inventories, heterorganic
stop clusters, simple vowel systems (typically 3 or 5
qualities, with or without length) lacking a
nasalisation contrast or other suprasegmental
modifications to vowels, and no tone.

Figure 2. Nen consonants (Evans & Miller [9])

Figure 1. Prototypical consonant inventory of
Australian languages (Fletcher & Butcher [4])

The deviations of the Nen system from typical
Australian inventories is striking. Most important are
the lack of any laminal stops, the lack of any retroflex
series, the presence of an /s/ (and an /h/, rather
marginal), the lack of /ŋ/, and the presence of
coarticulated k"p, ɡ͡b and ŋɡ͡b. Another fundamental
difference, of phonotactics rather than inventory, is
that whereas almost all Australian languages permit
rich combinations of heterorganic sonant plus stop
clusters Nen (like other Papuan languages) simply
allows homorganic prenasalised stops. Other sonant
plus stop clusters get broken up by an epenthetic
schwa. So far we have stressed the difference between
Nen and Australian languages.
Passing to its neighbour Idi (Fig. 3) we see a much
more Australian-like inventory: pairings of stops and
nasals at five points of articulation (except for the lack
of a retroflex nasal), a retroflex stop series, and three
liquids.
Idi is a bit more 'Australian-like' than Nen in its
consonant inventory – it has three liquids, and a

Most differences in Australian phonologies involve
minor changes to this schema, suppressing the apical
and/or laminal contrast, or reducing the number of
liquids. Some areas introduce a second stop series
(long/short, fortis/lenis) and/or a glottal stop. Some
(e.g. Arandic) have innovated pre-stopped nasals
and/or developed secondary articulations such as
labialised or prepalatalised obstruents. A minority of
languages, particularly in the Daly and Cape York
regions, have some fricatives. But these differences
are very much variations on a theme, and for most we
now have good accounts of how the phonemes that
are non-canonical for an Australian language.
Compare this with the situation for Papuan
languages. New Guinea, the only region of the world
(other than Polynesia, where all languages are
related) where more than half the languages sampled
in WALS (Maddieson [5]) have 'small' consonant
inventories (6-14 phonemes). About half the Papuan
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retroflex series, both typically Australian but unusual
in the Papuan context. , However, like Nen, it has
such Papuan (and non-Australian) features an /s/, no
stop series in the laminals, a prenasalised stop series
(instead of a series of heterorganic nasal-stop clusters
as in Australian langauges), asymmetries between
stops and nasals in place of articulation and a labiovelar series (labio-velar in Idi as opposed to labialvelar in Nen). So while some of its features –
especially the retroflex series – are unusual in the
Papuan context, but most others are typical of Papuan
languages, particularly in southern New Guinea.

Space, and the scope of findings so far, prevent a full
exposition so we focus on just three issues central to
the Australian vs Papuan contrast.
3.1.1. Initial velar nasals
Though Nen and its Yam neighbours lack a velar
nasal
phoneme,
reconstruction
through
correspondence sets shows the ancestral language
proto-Yam (pY) to have had one [12]. Within the
Nambu branch, to which Nen belongs, most
languages lack ŋ but Némé has initial n and Dre –
known only from recent work with the septuagenarian
last speaker, retains ŋ. The other main branch of the
family, Tonda, attests ŋ in some languages but many
lose it, giving initial vowels just as in Nen. Sample
correspondence sets: pY *ŋægi 'coconut' > Nen ag,
Nama æs, Namo aʃ, Neme næg; Wara, Komnzo, Anta
ŋaʦi; pY *ŋatər 'rope, string', Nen ædər, Kánchá,
Wára ŋatər, Komnzo ŋaər; pY *ŋærʉ 'person',
Arammba ŋarʉ, Nen, Nama, Nambo ær, Neme næru,
Dre ŋarʉ. Possession of velar nasal phonemes brings
proto-Yam closer both to the Pahoturi River families
to the east of Nen and Nmbo, and to the Australian
languages to the south.

Figure 3: Idi consonant inventory (Anonymous [11])

Summarising this section, (a) Papuan languages
lack the 'long flat' structure of Australian consonant
inventories, have fewer nasals than stops, have
smaller consonant inventories overall, often lack
velar nasals and rarely elaborate coronal stop or nasal
contrasts, but make use of a wide range of
suprasegmentals (nasalisation, but especially tone)
totally absent from Australian language (b) despite
the wide variation in Papuan phonologies, no Papuan
language has a consonantal inventory which falls in
the range of Australian systems (c) even if we go to
that part of the Papuasphere closest to Australia,
Southern New Guinea, the languages there differ
significantly in their phonological organisation from
the Australian languages to the south across the
Torres Strait.

3.1.2. Retroflex series
Nen and its Yam neighbours likewise lack retroflex
consonants, but reconstruction plus consideration of
a wider sample of Yam languages points to their
presence in proto-Yam (Carroll et al [12]). Many
examples of /s/ in Nen descend from pY *ʈ; the same
cognates show up in Nen, Nmbo and Nama as /s/, as
/r/ in Dre and Neme, but retain their retroflex quality
as ʈ in Len, Namo and Namat. Within the Tonda
branch, they mostly appear either as /t/ or /ʧ/ but in
just one language – Nggarna – their retroflex quality
is retained. A sample cognate set spanning the whole
language family (though with different finals across
the two branches) is pN *ʈən ‘tooth’ > Namo ʈən, Len
ʈəl, Nama sən, Namat ʈən, Dre, Neme rɐn, Nambo,
Nen sən, pT *ʈəɭ > Ngkolmpu tər, Tamer, Smerki ʈəɭ,
Komnzo ʧər. Thus proto-Yam, unlike such
descendant languages as Nen, likely had retroflex
stops, like the Pahoturi languages to its east. Going
further (with no space to demonstrate this here), it
appears that at least in the Nambu branch no /s/ can
be reconstructed, all contemporary examples in e.g.
Nen deriving from pY *ʈ, pY *ʂ or recent loans from
English.

3. WORKING BACK TO THE PAST
So far our argument has focussed on modern-day
phonological systems. But does this picture still hold
if we employ the comparative method to reconstruct
what earlier phonological systems look like? This is
what we begin to do in this section.
Though our understanding of Yam and Pahoturi
phonology is still basic by world standards, intensive
fieldwork over the last decade has laid the
foundations for some initial hypotheses about the
historical phonology of the region (Evans et al [11]).
We now examine some results of reconstructive work
using the comparative method.

3.2. Proto-Pahoturi

We focus here on liquids in this small family of six
languages (Idi, Ende, Em, Agob, Taeme and
Kawam). All modern Pahoturi languages have
precisely three liquids (r, l plus either ʎ or ɽ). But
correspondence sets (Evans et al. [13]) suggest five
liquid phonemes should be reconstructed: *r, *ɽ , *l,

3.1. Proto-Yam

Our reconstructions of proto-Yam are based on wordlists collected for around 20 varieties since 2010.
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*ʎ and a fifth whose most likely realisation was [ɭ].
Sample sets (using M for 'Em'; others abbreviated to
first letter) are:
*r: /r/ in all; e.g pP *doroŋ 'dog' > M, K doroŋ, E, T
dəɹəŋ, A dɵrɵŋ
*l: /l/ in all; e.g. pP *ʈŭle 'foot' > A, M ʈule, E ʈɪle, K
tʃule, T ʈəl.
*ɽ: ɽ in A, M, E, r in K, l in I,T; e.g. pP *boɽ
'thigh' > A, M boɽ, K bor, I, T bɪl, E bəɽ
*ʎ: ʎ in I, T, l elsewhere; e.g. pP poroʎ 'dry' > I
præʎ, T pərɛʎ, A, K, M porol, E pəɹəl
*ɭ: ɽ (A, M, E), r (K), l (E), ʎ (T); e.g. pP *gaɭ
'canoe' > I ɡæl, T ɡæʎ, E, M ɡɑɽ, K ɡɛr. This is the
correspondence set whose exact phonetic status is
least clear and other possible phonetic values could
be postulated.
Leaving aside the uncertainty about the fifth
reconstructed liquid phoneme, the evidence
summarised here makes it clear that proto-Pahoturi
possessed five liquid phonemes – highly unusual for
a Papuan language, but rather normal for an
Australian language.

some regions, evidence of ancient connections
remain. (Note that I have not argued for cognate
forms – merely for similarities in phonological
typology which are non-committal between
phylogenetic connectedness and ancient areal
convergence). The evidence presented here suggests
that a comprehensive campaign of phonological
documentation
combined
with
comparative
reconstruction may show that some traces do persist
after all. The direction of change through time – with
Yam and Pahoturi languages becoming less
Australian-like over millennia– suggest the effects of
long and inexorable convergence with their Papuan
neighbours once they were cut off from the Australian
phonological zone by the waters of the Torres Strait.
Compartive reconstruction allows us to glimpse back
to a time, long ago, when these two phonological
realms were less different than they are now.
7. REFERENCES
[1] David, B. et al. 2008. Gelam’s homeland. Brisbane:
Queensland Museum.
[2] Clarkson, C. et al. 2017. Human occupation of
northern Australia by 65,000 years ago. Nature 547,
306-310.
[3] Palmer, B. 2017. In: Palmer, B. (ed.), The Languages
and Linguistics of New Guinea: A Comprehensive
Guide. Berlin: Walter de Gruyter. Language families
of the New Guinea area. 1-19.
[4] Fletcher, J. & A. Butcher. 2014. Sound patters of
Australian languages. In: H. Koch & R. Nordlinger
(eds.) The languages and linguistics of Australia.
Berlin: De Gruyter Mouton. 91-138.
[5] Maddieson, I. 2008. Consonant inventories. In: M.
Haspelmath, M. Dryer, D. Gil & B. Comrie (eds.) The
World Atlas of Language Structures. Oxford: Oxford
University Press. Pp. 10-13.
[6] Donohue, M. 1997. Tone systems of New Guinea.
Linguistic Typology 1, 347-386.
[7] Foley, W. 2018. The languages of northwest New
Guinea. In: Palmer, B. (ed.), The Languages and
Linguistics of New Guinea: A Comprehensive Guide.
Berlin: Walter de Gruyter. Language families of the
New Guinea area. 433-567.
[8] Clouse, D. 1997. Towards a reconstruction and
reclassification of the Lakes Plain languages of Irian
Jaya. Papers in Papuan Linguistics 2, 133-236.
[9] Evans, N. Miller, J.C. 2016. Nen. JIPA 46.3:331-349.
[10] Anonymous. Submitted. Idi: Phonetic Illustration.
[11] Evans, Nicholas et al. 2018. The languages of
Southern New Guinea. In: Palmer, B. (ed.), The
Languages and Linguistics of New Guinea: A
Comprehensive Guide. Berlin: De Gruyter Mouton.
641-774.
[12] Carroll, M., C. Döhler & N. Evans. Untangling the
coronals of proto-Yam. Paper presented at ICHL,
Canberra, 1/7/2019.
[13] Evans, N., K. Lindsey & D. Schokkin. ProtoPahoturi liquids. Paper presented at ICHL, Canberra,
1/7/2019.

3.3. Recap

We do not yet have complete reconstructed phoneme
inventories either for proto-Yam or proto-Pahoturi,
but the results summarised in this section indicate that
the systems of both of these language families begin
to look more similar to Australian phonologies as the
comparative method allows us to work back to their
earlier systems. Within the Yam family, we see
evidence for ancestral velar nasals and for ancestral
retroflex stops, hence two apical series, and for the
innovative nature of /s/. For proto-Pahoturi, where the
modern languages already have both velar nasals and
retroflexes, we see evidence for the kind of rich set of
liquid phonemes typical of Australian languages and
not at all usual among Papuan languages. More work
is needed to reconstruct both proto-Yam and protoPahoturi in detail, but it is already clear from our
partial results that both proto-Yam and proto-Pahoturi
look much more Australian-like than their
contemporary descendants.
4. CONCLUSIONS
Nine millennia span less than a seventh of the human
history of Sahul,. But it is a much longer period than
that for which linguists are generally willing to
contemplate evidence of relatedness between modern
languages. The lack of demonstrably related
languages across the seas sundering Sahul into its
component hemi-continents is thus, from one point of
view, not surprising – simply too much time has
passed for us to see traces of the original situation.
Yet it is far from clear that language families all
change at the same rate. In trying to make sense of
this dizzyingly complex part of the linguistic world
we should re-open the question of whether, at least in
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ABSTRACT

known as ArtiSynth (www.artisynth.org), aimed to
create a platform for biomechanical simulation that
could help researchers across many fields succeed
collectively in modeling the human vocal tract and
face. ArtiSynth is now an open-source computational
platform for biomechanical modeling with many
contributing groups worldwide.
ArtiSynth enables efficient simulation of a large
number of connected, dynamic hard and soft tissues
of the kind involved in the upper airway. Today, the
platform houses hundreds of models used for
applications ranging from predictive clinical and
surgical modeling and computer animation to
biorealistic simulation of speech, swallowing and
other airway functions. Currently, the most complete
and advanced model in ArtiSynth is FRANK [3], the
state of the art in biomechanical modeling of the
human head and neck (see Figure 1).

Every speech sound results directly from body
movement. However, theories of speech have not
always been grounded in biologically plausible
theories of how bodies move. High-dimensional
models of the body may promise valuable insights
into speech, but introduce problems of computational
tractability. The present paper outlines some of the
phonetic insights we have gained through adopting an
embodied framework to enable low-dimensional
control of high-dimensional body structures. This
framework introduces implications for many aspects
of speech sound production, from phonetic universals
and the emergence of speech movements to
coarticulation and sound change. A key contribution
of this work is that it provides a coherent functional
unit (the “device”) linking biomechanics, perception,
production, processing and control of speech sounds.
Implications for speech emergence, coarticulation
and variation are discussed.
Keywords: Speech production, speech perception,
embodiment, biomechanics, motor control.
1. SIMULATING TALKING BODIES
There was a time in phonetics research when talking
about speech sounds involved talking about bodies in
quite tangible terms. For example, in his early
treatment of coarticulation, Martin Joos [1] proposed
his ‘overlapping innervation wave theory’, in which
speech movements are controlled by ‘innervation
waves’ of muscle activation. According to this model,
coarticulation occurs when these waves of
neuromuscular activation overlap. This theory, while
interesting, simply proved too difficult to test with the
tools available at that time, and was abandoned,
leaving subsequent theories less connected to bodybased biomechanical and neuromuscular processes.
Joos’ approach was abandoned not because it was
found to lack merit, but rather because at that time the
body was far too high-dimensional to model in its full
complexity.
In an attempt to fill this long-standing modelling
gap, our UBC research group initiated a vocal tract
modeling approach led by Sidney Fels which we first
presented at the ICPhS 2003 meeting in Barcelona,
with the goal of creating a collaborative “extensible
infrastructure for a 3D face and vocal-tract model”
[2]. This initiative, which was ultimately to become

Figure 1: Oblique views of some components of the
FRANK model in ArtiSynth, including hard
structures and FEM soft tissues (left) and surface
mesh of the airway (right).

Though speech was the long-term goal, these
models were not created within any specified
theoretical framework or with any speech-related
constraints or assumptions. Rather, biorealism has
been a consistent priority in developing models in
ArtiSynth, so that even the earliest component models
(e.g, the jaw, tongue, hyoid, etc.) were attempts to
simulate those parts of the body in their fullest
possible dimensionality. In other words, these models
were built not to do speech, but simply to be
anatomically correct, based on the best available
composite data from medical imaging, highresolution scanning and fiber-level cryosections. The
resulting models can be used not just for speech, but
for chewing, swallowing, surgical planning, etc.
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organization as a solution to this problem of
dimensionality reduction. This concept of modules
refers to coordinated patterns of muscles, sometimes
referred to as “muscle synergies”. A “module” in this
sense unites within a unitary neural structure a set of
muscles that, when collectively activated by a single
motor command, results in some functional outcome.
(see [9, 31]). Applying a modular framework to
speech enables us to draw on decades of literature
studying the properties of modules in motor control.
Even before Bernstein’s work became widely
known, speech researchers had discussed essentially
modular neuromuscular approaches, such as Cooper
et al’s. [10] “action patterns,” describing speech
movements “in terms of a rather limited number of
muscle groups” (p. 939). Later, Turvey [11] adopted
the concept of “coordinative structures”, on which
Fowler et al’s. [12] speech production model was
based. The term “coordinative structure” was coined
by Easton [13, p. 591] to describe muscle groupings
“underlying all volitionally composed movements,
[each] activated by a single command.” This term,
however, came to be repeatedly redefined in speech
circles, making it hard to map them onto bodies.
As early as 1978, Turvey et al. [14: 566] describe
coordinative structures as “formally equivalent” to
“control space”, opening the door to less embodied
interpretations. Kelso, Holt, Kugler and Turvey [15]
later say the coordinative structure “exhibits behavior
qualitatively like that of a force-driven mass-spring
system.” Subsequent papers describe coordinative
structures as “nonlinear oscillators” [16] and as
“dynamic patterns” [17]. The definition ultimately
settles on “different patterns of articulator
cooperation” [18] and “an ensemble of articulators”
[7: 29], where “articulators” are abstract task
dynamics control structures described by Kelso et al.
[5, 7]. To avoid confusion, we generally avoid the
term “coordinative structure”.
The present paper expands on the original
conception of assemblages of nerves and muscles
underlying volitional movements. However, the
existence of such structures implies the existence of a
larger “whole” structure comprising a complete set of
dependencies. That is, any active, functioning module
in this model inherently constitutes a complete loop
that necessarily includes not only neural control and
muscle activation, but also the sensory and ecological
consequences of the movements generated by those
activations, and mechanisms for feedback-based error
correction (see Figure 2). While these holistic
dependencies are implicit in much of the modular
control literature, it is important to acknowledge them
explicitly when discussing speech actions, in which
the sensory consequences of movements serve not
just as feedback to the controller but as the elements
of a complex system of communication.

2. PROBLEMS CONTROLLING BODIES
Equipped with these high-dimensional models of
speech-related body structures, we set out to
understand how the body generates the movements
that result in speech sound production. However,
working with these models presents many of the same
challenges as working with real bodies. Early in the
evolution of this research, it became clear that the
project would quickly run into control problems
because of the models’ many dimensions, or degrees
of freedom (DoF). The term “degrees of freedom”
here refers to the number of independent parameters
needed to specify the current state of a system.
A human arm, for example, can conservatively be
considered as having about 34 degrees of freedom: at
least 3 (yaw, pitch and roll) in the shoulder, 2 in the
elbow, and 2 in the wrist. Continuing in this manner
from one joint to another, the hand adds another 27 or
so independent degrees of freedom [4], giving a total
of around 34 DoF. Solving a motor task in an
unstructured 34-DoF space would mean navigating a
possible n34 operations, where n is the number of
different positions each DoF could take (e.g., the
number of different angles at which it is possible to
hold the elbow). Thus approached as an unstructured
search, controlling a human arm presents a potentially
astronomical needle-in-the-haystack problem of
computational tractability. This problem compounds
when controlling the far more complex vocal tract.
At the outset of this research, our working
assumption was that we would be able to use an
existing control paradigm such as task dynamics [5]
or schema theory [6] to control the various parts of
the vocal tract. However, although creating lowdimensional models for motor control is a core goal
of these and other motor control approaches, none
provide a mapping that is sufficiently detailed to
specify control of the fully dimensional speech
apparatus. Kelso et al. [7] explicitly avoid providing
such a mapping, saying that their approach “is not
feasible for the speech articulators whose peripheral
biomechanics are much more complex, e.g. […] the
tongue and lips” [7, p. 176]. This leaves us with the
fundamental problem of identifying the right
dimensionality reduction for the high-dimensional
speaking human vocal tract. Optimistically, Kelso et
al. [7, p. 190] go on to say that while “naturalistic
renditions of speech have not told us much (yet) about
the speech production process […p]erhaps they will
as technology and ingenuity make the speech
production system more accessible to observation.”
3. MODULARIZING SPEECH
Based on his observations of how multiple joint
angles are coordinated in body movements, Bernstein
[8] advocated a modular approach to neuromuscular
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In other words, while any set of muscles could in
principle act together to generate some output,
comparatively few sets will produce consistent,
robust outputs. Translating into speech terms, we can
assume that there exist a well-defined set of devices
that will generate stable, multisensory phonetic
outputs (in whatever the relevant communicative
space – acoustic, visual, etc.) despite activation noise,
muscle fatigue, perturbations from surrounding
muscle activations, and other uncertainties.
Robust movements have been associated with
properties such as stable cyclicity (as in locomotion
[23]) and saturation or “quantality” (see [24, 25]).
The property of biomechanical robustness has been
observed of universals of speech and emotion
expression, including lip rounding/protrusion or
closure [26, 27], soft palate configurations [28], and
laryngeal states including common phonation types,
glottal stop and /h/ [29].

Figure 2: Some aspects of a speech “device”.

This holistic view of the module calls to mind the
“devices” described by Fowler and Turvey [19], who
ascribe to an organism the “capacity to become a
variety of special-purpose devices” (p. 11), with each
“device” specialized to handle an ecologically
relevant task (e.g., a speech sound). A device may
thus be thought of as a specific set of dependencies
linking modular structures to the ecological functions
and feedback loops that drive them. In the context of
language, a device is thus a body-based structure that
can (minimally) generate a movement and its
communicatively relevant (multimodal) sensory
consequences. Gick and colleagues [20, 21, etc.]
outline some ways a modular framework can generate
a wide range of hypotheses for speech.

4.2. Emergence and representation

Biomechanically robust structures produce stable
links between action and sensory feedback, and are as
such more likely to recur and to emerge through use.
As G. E. Loeb [30] puts it: “Any adaptive control
system will tend gradually toward a locally stable
state if one exists.” Through frequent use,
neuromuscular structure emerges to fit body
morphology, biomechanics and ecological function,
beginning with repetitive motion in the womb (e.g.,
[31]). This emergent structure results in natural,
functionally determined dimensionality reduction.
Recent approaches to understanding linguistic
sound systems have highlighted emergence as a key
property (e.g., [32]), often with a focus on the
emergence of higher-level phonological and morphophonological patterns (e.g., [33]). The present
approach enables a body-up model of the emergence
of sound systems, allowing us to map our theories of
speech directly onto body structures, their
biomechanics, kinematics and neural control. This
approach predicts that a) similar structures should
emerge across languages given roughly similar
bodies and ecological functions, and b) emergent
structures should bear properties of robustness to
internal and external noise sources (e.g., variation in
muscle activation, fatigue, phonetic environment,
emotion expression, feeding behaviors, etc.).
Of particular relevance to phonetic theory, this
model makes no distinction between a device’s
physical “representation” in the body and its function.
That is, each device that emerges from this system has
a function. As such, a speech inventory may be
thought of as an inventory of body devices, each of
which is constructed to generate a particular phonetic
event, including all of its internal and external sensory
and ecological consequences.

4. HOW DEVICES CAN INFORM SPEECH
The high degree of realism and complexity in the
ArtiSynth models may seem excessive for describing
basic speech movements – after all, phoneticians have
described speech for centuries with only the most
tangential reference to body structures. However, a
framework in which the body is controlled using
biologically motivated modular structures provides a
“loop” of inherent dependencies between perception,
processing and production that has long been lacking
in speech models. This approach generates a range of
testable hypotheses about how speech works. The
remainder of this paper outlines a few such properties
with implications for phonetics research.
4.1. Robustness

A key property of speech movements is their ability
to produce reliable phonetic outcomes despite everchanging phonetic and non-speech circumstances. E.
P. Loeb et al. [22, p. 79] refer to this property as
“robustness”, observing of limb movement that “there
exists a well-defined subset of synergies which will
stabilize the limb despite activation noise, muscle
fatigue, and other uncertainties – and these synergies
stabilize the limb at predictable, restricted locations
in the workspace.”

22

cited instance of this kind of “weakening” is Spanish
“spirantization”, in which oral closure movements for
voiced stops such as /b/ are said to assume a
“weakened” form in some contexts, resulting in
incomplete closure (e.g, [43, 44]). In the present
model, however, a failed /b/ can never properly
become a /v/ – at least not by simply changing the
degree of muscle activation, since the movements
associated with the sounds /b/ and /v/ are produced
with distinct sets of muscles rather than a single set of
muscles scaled to different activation levels. While it
is trivially true that different allophones – even those
that may seem on the surface to share important
properties such as place of articulation – correspond
to categorically different neuromuscular structures,
this observation is incompatible with many current
approaches to phonology and sound change.

4.3. Temporality, superposition and coarticulation

Devices can be transient, or can operate over an
extended time, as in cyclic or tonic activations. Cyclic
modules are often associated with locomotion (e.g.,
[23]), and even these can constrain linguistic actions
(as they do when using the forelimbs for sign
language movements [34]). Tonic activations, on the
other hand, are held across a period of time, as with
devices for facial expression or body posture [35].
Speech-related tonic activations include, for example,
tongue bracing [36] and pre-/inter-speech posture or
articulatory setting [37]. As these kinds of activations
are maintained over longer periods of time, they are
the also very likely to overlap with activations
associated with other speech and non-speech events.
Overduin et al. [38] find that overlapping muscle
synergies sum linearly in hand movement control.
This property of additivity is reminiscent of Joos’ [1]
overlapping innervation waves. A simple additive
model of this kind has been shown to generate
realistic coarticulatory interactions in simulations of
overlapping speech movements [39]. Summing
activations of speech devices in realistic body models
may thus elucidate how coarticulatory interactions
may be resolved through low-dimensional physical
processes with minimal central control.

5. CONCLUSION
Phonetic descriptions and speech production models
have long imposed traditional dimensionality
reductions on the speaking human body. While useful
for acoustic synthesis, phonetic description and
pedagogy, previous approaches have not provided
principled mappings onto real bodies. Approaching
dimensionality reduction from the “body up” not only
provides us with a principled mapping to bodies, but
imposes many constraints on how speech movements
might work. A biologically-motivated modular
approach opens many novel testable hypotheses that
are already helping to shed light on a range of longstanding questions concerning the nature of speech.

4.4. Frequency, complexity and variation

The present framework places no specific limit on the
number of solutions that can be generated for a
particular task. Indeed, research in posture (see, e.g.,
[35]) and other areas of motor control indicates that
an organism will ideally learn a number of “good
enough” solutions for a familiar task [30] rather than
a single optimal solution (cf. [40]). Under this view,
we should expect that speakers should have learned a
range of different variants of each sound to draw on,
depending on context and other factors that may
affect the speech situation. Such variation has been
observed for sounds such as English /r/ [41] and flaps
[42], which can alternate even within speaker and
phonetic context. The present framework views this
not as the exception but as the rule for any movement.
This framework also places no limit on the size or
complexity of a device. In general, events that occur
with higher frequency are likely to be more
redundantly represented. With frequent repetition,
even spatially or temporally very complex sequences
(such as high-frequency syllables, words or word
combinations) may be encoded as their own devices.
For an example of how this plays out in phonology
and sound change, consider the case of consonantal
weakening. A common conception of speech theories
is that a sound may be consistently “weakened”, or
produced with less effort, apparently causing it to
“become” a different sound – a process that is seen as
causing languages to change over time. A widely
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the most used language between native speakers of
Lux., orally as well as in social media, Email etc.
Lux. /ʀ/ is realized as a consonant between short
vowel and consonant and in pre-vocalic position.
Depending on the phonetic surrounding, it surfaces
either as the vibrant [ʀ], the voiced fricative [ʁ] or the
voiceless fricative [χ] (obstruent final devoicing), e.g.
ronn [ʀɔn] ‘round’, ˈwarnen [ˈvɑʁ.nən] ‘to warn’,
Freed [fʁe:t] ‘joy’, fort [fɔχt] ‘away’. Word-finally,
consonantal and vocalic realizations are possible, e.g.
Dier [di:χ] vs. [di:ə] ‘door’, Joer [jo:χ] vs. [jo:ɐ].
While the neighbouring Moselle-Franconian
dialects lack this word-final consonantal variant [8],
the allophonic articulations have clear parallels in the
contact languages French and German, with the
standard French pronunciation [ʀ] [9] and the
standard German pronunciation [ɐ] [7], respectively.
If resyllabification takes place, /ʀ/ is always realized
as a consonant (‘linking-r’, [3]), while additional
vocalization is possible, e.g. dës Dier ass zou
[dəs.di:(ə).ʀɑs.tsəʊ] ‘this door is shut’.
In their phonetic-phonological description of
Lux., [4] relate the choice of either possibility in
word-final position to age, stating that “elder speakers
pronounce [ʀ] or [ʁ] also word-finally […] whereas
younger speakers often show r-vocalization and
produce central [ə] or [ɐ] instead”. While differences
between elder and younger speakers are easily
detectable in the speech community, the present
investigation is the first attempt to describe the
pattern of variation between consonantal and
vocalized /ʀ/ on a broader empirical basis.

ABSTRACT
The present paper analyses the distribution of
consonantal and vocalic realizations of word-final /ʀ/
(e.g. Dier [di:χ] vs. [di:ə] ‘door’) in Luxembourgish,
a West-Germanic language with strong contact with
French and German. While the literature suspects an
ongoing sound change with the consonantal
realization decreasing with age, this investigation
analyses /ʀ/-vocalization for the first time from a
broader sociophonetic point of view. Focusing on
language contact as a possible explanatory factor, it
also includes gender, educational and regional
factors.
The results reveal indeed a shift from consonantal
to vocalic realization of /ʀ/ related to age. Significant
interactions arise for education, gender, region and
further factors. The highest amount of consonantal
realizations appears in the speech of older male
speakers living in the Centre of Luxembourg with a
high education and good proficiency in both French
and German, while most speakers of the young and
middle generation realize /ʀ/ word-finally in most
cases as a vowel.
Keywords:
/ʀ/-vocalization,
Luxembourgish,
sociophonetics, sound change, language contact.
1. INTRODUCTION
Luxembourgish (Lux.), a small West-Germanic
language of Moselle-Franconian origin spoken by
approximately 400.000 speakers mainly in the Grand
Duchy of Luxembourg, constitutes a very interesting
research area for questions about contact-induced
language variation and change. Situated between
France, Belgium and Germany and thus on the border
region between Romance and Germanic, the
multilingual language situation and centuries-old
strong language contact with French and German
shaped big parts of its linguistic system [3].
Moreover, language variation is strongly linked to the
socio-political situation [1]. French has a strong
historical prestige and constitutes the lingua franca
with most of the foreigners in the country. Besides, it
is the language of the law. German is the language of
alphabetization and is largely present in the media.
Both French and German play an important role in the
written domain, while the ‘national’ language Lux. is

2. SAMPLE AND METHODOLOGY
2.1. Speaker sample
Table 1: Sociodemographic characteristics of the
speaker sample.

competence
education
gender
generation

region
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Category
German > French
German = French
classique vs. technique
female vs. male
old: ≥ 65, Ø: 74, SD: 7.3
middle: 40-64, Ø: 52, SD: 6.0
young: 20-39, Ø: 27, SD: 4.6
South vs. Centre

n
13
35
24/24
24/24
16
16
16
24/24

Table 1 (above) shows the sociodemographic
characteristics of the 48 speakers (cell size n=4)
chosen for the investigation. They are all native
speakers of Lux. and Lux. is their only native
language.
The factor ‘competence’ refers to proficiency in
German and French, languages that are both
mandatory subjects in public schools. The
information of self-evaluated competences in both
foreign languages were gained through a written
survey filled out ahead of the experiment (see [1] for
details). One group declared stronger competences in
German than in French (n=13), while another group
indicated the same proficiency in German and in
French (n=35).
The two main higher educational systems differ
especially in terms of language instruction. The
classique high school has a focus on French and
generally leads to overall high proficiency also in
German and English. The technique, labour oriented
high school has a focus on German and an overall
lower focus on language proficiency [5].
The region ‘South’ is located at the French border,
while the central region has no direct border with
either France, Germany or Belgium.

such, no following segment could influence the
pronunciation of /ʀ/.
2.3. Measurements

Recordings were carried out in the years 2012-2013
using a SONY PCM-D50 portable recording device
and a condenser microphone SENNHEISER HSP 2.
Auditory measurements were done with PRAAT
(5.2.01). Sounds were categorized either as consonant
or as vowel, unclear sounds as ‘n.a.’ (not applicable)
and excluded from the analysis.
First approach to /ʀ/-vocalization in Lux., the main
research question is whether /ʀ/ is pronounced
consonantal or vocalic. The precise articulation of the
vowels or the consonants was neglected, although
small-grained articulatory differences possibly carry
further sociophonetic information.
2.4. Statistical analysis

Statistical analysis (mixed-effects logistic regression)
was carried out using the R-based statistics software
RBRUL ([6], version 3.1.2). The dependent variable is
the realization of /ʀ/ as consonant or vowel, while the
independent variables are competence, education,
gender, generation, region, vowel context and all the
possible two-way interactions. Random factors are
‘words’ and ‘speakers’.
The coefficient of determination r 2 represents the
proportion of the variance in the dependent variable
explained by the model. Additional t-tests were
carried out with SPSS (version 25). The alpha level for
significance for all the tests was set as p < 0.05.

2.2. Word sample

The word sample consists of 13 words with wordfinal /R/ (except staark), listed in table 2.
Table 2: Word sample, including vowel context.

Word
Mier ‘the see’
Dier ‘door’
gär ‘gladly’
Stär ‘star’
Geˈwënner ‘winner’
Gare ‘station’
ˈJanuar ‘january’
staark ‚strong‘
war ‚(she/he) was’
Cours ‘lesson’
Tour ‘tour’
Geˈfor ‘danger’
Raˈpport ‘report’

vowel context
/i:/

3. RESULTS

/ɛ:/
3.1. Rbrul analysis

/ɐ/
/a:/

Table 3 shows the results of the RBRUL analysis (stepdown model), including p- and r2-values. The
explaining factors are discussed in decreasing order
of significance in the following sections.

/u:/

Table 3: Results of the RBRUL analysis.

/o:/
factors

To analyse the influence of the preceding vowel, six
different vowel qualities were chosen. Whenever
possible, monosyllabic words were selected. The
words were integrated in a written text, which the
speakers were asked to read aloud. With the exception
of Gewënner, which appears at the end of an
intonational phrase, all words were sentence-final. As

fixed

random
total
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significant factors
vowel context
region:gender
generation:education
region:competence
speakers
words

p
< 0.001
0.005
0.015
0.035

r2
0.60

0.15
0.75

3.2. Vowel context

3.2. Sociodemographic factors

Overall, only one third of word-final /ʀ/ (33%) is
produced as a consonant. As visible in figure 1, the
realization depends strongly on the preceding vowel.

All
sociodemographic
factors
(competence,
education, gender, generation, region) interact in the
RBRUL-model to explain the variation. In the
following figures (including confidence intervals),
the consonantal articulation is the default value
represented by the percentages on the y-axis.
Figure 2 shows the interaction between the two
regions and male/female speakers.

Figure 1: Amount of consonantal/vocalic
realizations for the different vowel contexts.

Figure 2: Amount of consonantal realizations for
gender by region.

In the /o:/ context, 79% of all the speakers realized /ʀ/
as a consonant (Gefor [gəˈfo:χ]: 73%, Rapport
[ʀɑˈpɔ:χ]: 85%). These numbers strongly differ from
the other contexts. The second back vowel context
/u:/ shows only 18% of consonantal realizations
(Tour: 17%, Cours: 20%). A clear-cut opposition
between front and back vowel contexts can be
excluded, as both fronted vowel contexts /ɛ:/ and /i:/
show similarly small numbers of consonantal
realizations as /u:/ (between 9-17% for the different
words). In all of these cases, vocalic schwaarticulation ([ə] or [ɐ]) is clearly favoured. <-er> is
generally articulated as [ɐ]. A possibly added
consonant only applies in 6% of the token
(Gewënn[ɐχ]).
While the different words show similar amounts
of consonantal articulations within all of the vowel
contexts, numbers for the words for middle and open
/a:/ differ: war (24%) and Januar (27%) show
relatively low numbers, while staark (50%) and Gare
(55%) show the second highest amounts of
consonantal pronunciations. Staark is the only word
where /ʀ/ is not word-final, but followed by the
voiceless velar fricative /k/. In this context,
consonantal articulation is generally frequent [4],
which explains the high numbers. As for Gare, the
frequent word is possibly still perceived as loan from
French gare [gaʀ] and as such retains its consonantal
articulation more frequently. The same line of
reasoning counts for Rapport (see above), while
Cours and Tour, on the contrary, show only small
amounts of consonantal realizations. Further data is
needed to clear this matter.

Neighbourhood to French speaking territories in the
South do not seem to play a role in the articulation of
word-final /ʀ/ as a consonant. While female speakers
in both regions and male speakers in the southern
region realize 25-27% consonantal variants, male
speakers from the Centre nearly double these
numbers (47%).
The highest amounts of consonantal articulations
are realized by old speakers with a classical
education, articulating more than twice as many
consonantal variants (61%) as the five other groups
(between 19-30%, figure 3).
Figure 3: Amount of consonantal realizations for
generation by education.

With on average only 20% consonantal realizations
(most of them in the /o:/ context) and the smallest
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the level of pronunciation. A correlation with data
about language attitudes in Luxembourg vis-à-vis
French (and German), still lacking in studies about
Lux., could further clarify this point.
As for the phonological context, consonantal
variants are especially strong following /o:/ in
comparison to all other contexts. Additional data
including spoken text is needed to further explain
these values, while an analysis of the concrete
articulatory shape of both consonantal and vocalic
variants can add further sociophonetic and socioindexical information to the discussion about /ʀ/vocalization in Lux.

overall variation, the young generation shows the
smallest amount of consonantal variants (middle:
28%, old: 46%). These average numbers support the
claim of [4] concerning a trend towards strengthening
of vocalization, while a specific subgroup in the old
generation accounts for strong consonantal amounts
of word-final /ʀ/ in that generation.
Finally, speakers with equally good proficiency in
German and in French (Germ=Fr) in the Centre have
the highest amount of consonantal realizations
compared to the other groups (figure 4). The
sociodemographic groups with the least consonantal
realizations (and thus the most advanced group in
terms of language change) are speakers with better
proficiency in German than in French (Germ>Fr, 1518%, t-test, t(22)=-2.99, p=0.007).
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Figure 4: Amount of consonantal realizations for
region by competence.

*

4. SUMMARY AND DISCUSSION
The sociophonetic analysis of vocalization of wordfinal /ʀ/ in Lux. revealed some interesting dynamics.
While there is a general trend towards vocalization of
word-final /ʀ/ with 80% vocalic realizations in the
young generation (middle: 72%, old: 54%), one
specific speaker group still prefers consonantal
articulations. This group consists especially of old
male speakers from the Centre of Luxembourg, who
are well educated and have equally good proficiency
in both German and French.
These results are in line with recent sociophonetic
investigations of Lux. ([1], [2]) that show that the
central region of Luxembourg is generally more
conservative compared to the southern region, with
old and mainly male speakers constituting the most
conservative speaking group. As the consonantal
variant of word-final /ʀ/ is close to the French variant,
the results could be analysed as indexing the
historical prestige of French in Lux. While
preferences are generally changing towards
German(ic) variants ([1]), the present analysis
possibly disclosed some relicts of French prestige at
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ABSTRACT

1.1. /s/

The articulation and resulting frequency profile of
the voiceless alveolar sibilant /s/ have been found
to differ between male and female speakers across
many varieties of English, with cisgender men producing /s/ with a lower centre of gravity (COG) and
cisgender women producing /s/ with a higher COG
[9, 13, 10, 11, 15, 24]. While it has been suggested that physiological differences between cisgender men and women are responsible for differences in the acoustics of /s/ [9], sociophonetic studies such as [31, 15, 35] show that regardless of possible physiological influences, speakers can use articulatory strategies to create variation in /s/ production. Transgender speakers, then, could recruit
/s/ to negotiate their gender linguistically and distance themselves from speakers of their assigned
sex: Transmasculine speakers may use a lower COG
/s/, while transfeminine speakers may use a higher
COG /s/. However, other aspects of identity and
other social and environmental factors also affect /s/
in trans speakers [12, 24, 34, 35]. Therefore, trans
speakers may fall in the range where cisgender male
and female productions of /s/ overlap.
Linguistic factors affect the acoustic profile of /s/.
It is likely that at the onset of a stressed syllable /s/
will have a higher COG than elsewhere in a word
[31, 15, 24]. /s/ may also have a higher COG when
adjacent to /i/, as the place of constriction of /s/ may
assimilate to that of /i/ and shorten the front cavity
[29, 17]. However, this has not been found universally [28, 15]. Occurring in the context of rounded
vowels or consonants lowers the COG [28, 15, 24],
and therefore, here only tokens of /s/ occurring in
the context of unrounded vowels were included.

This study investigates sociophonetic variation in
creak and /s/ in 17 transgender speakers in the UK,
comparing 12 transmasculine (TM) speakers and 5
transfeminine (TF) speakers. Assuming that transgender speakers would attempt to distance themselves from the norms of their assigned sex and recruit or avoid recruiting the perceptually low pitch
of creak, it was predicted that TM speakers would
have a lower centre of gravity for /s/ and use more
creak than TF speakers. However, TM speakers
were found to have a significantly higher centre of
gravity for /s/ than TF speakers and did not differ significantly from TF speakers in creak usage.
Taken together with qualitative data, this suggests
that speaker identities, socialization experiences and
environment all contribute to variation in /s/ and
creak in these speakers.

Keywords: sociophonetics, transgender, /s/, creaky
voice
1. INTRODUCTION
‘Trans’ and ‘transgender’ are umbrella terms that refer to individuals who do not identify as the gender they were assigned at birth. This includes trans
men and women as well as non-binary individuals. Much existing research on trans speech is clinical, but an emerging body of work [3, 12, 24, 35]
takes a sociophonetic perspective, investigating variation in trans speech. In trans speakers, physiology,
experience and identity do not necessarily align in
the same way as expected for cisgender (i.e. nontransgender) speakers, so this kind of research not
only sheds light on trans speech, but also on cisgender speech and the origins of gender variation in
speech. The present study examines how transmasculine and transfeminine speakers in the UK negotiate gender through speech using creak and /s/, and
what factors affect this variation.

1.2. Creak

Creak is a phonatory voice quality produced with the
vocal folds and the ventricular folds adducted [19],
allowing separate low frequency glottal pulses to be
identified auditorily [14, p. 4]. Studies on UK English varieties looking at cisgender speakers have often found men to be creakier than women; this is the
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case in Scotland [30, 2], in Havering, London [32],
and in RP and Modified Northern, which refers to
speakers from Yorkshire who later moved away for
long periods of time [14]. However, this finding is
not universal [32]. Additionally, the often low f0 of
creak means it is perceived as having a lower pitch
than modal speech. Transmasculine speakers may
use more creak to produce a lower pitch and index
masculinity, while transfeminine speakers may use
less creak to avoid this effect. Linguistic factors also
influence the prevalence of creak - it is likely that
creak will be more prevalent towards the end of an
utterance [14, 22, 33, 1] and in tokens followed by
glottal stop variants of /t/ [23].

[21] using DARLA [26]. This was processed in
[18]’s creak detection algorithm, available in COVAREP (v. 1.4.1) [6], implemented in MatLab
R2017a with the Neural Network toolbox [20]. The
output was converted to a TextGrid file using [5].
Each vowel was coded for voice quality (creaky or
not creaky, as determined by the output of the algorithm), following sound (glottal stop or other) and
syllable position (final or non-final). Results were
analysed using multiple logistic regression in R.

2. METHODS

Tokens of /s/ had a significantly higher COG in
word-initial position than in medial (β =-510.79,
p<0.001) or final position (β =-596.34, p<0.001).
However, being adjacent to /i/ had no effect.
As shown in Fig. 1, TM speakers had a significantly higher COG than TF speakers (β = 1152.22,
p<0.001). As shown in Fig. 2, there was also considerable variation within categories and speakers as
well as overlap between TF and TM speakers.

3. RESULTS
3.1. /s/

This study included 17 participants who identified
as trans, transgender and/or non-binary. They were
grouped into the broad categories of transmasculine
(TM) or transfeminine (TF) based on their gender
assignment at birth and current identity. 12 participants were TM (assigned female at birth and now
identifying as something else) and 5 participants
were TF (assigned male at birth and now identifying
as something else). Due to the difficulty of finding
trans participants, participants did not come from a
single speech community, but were all native speakers of UK varieties of English, now residing in Scotland. None of the participants had ever undergone
masculinising or feminising voice therapy.
Participants read a list of words containing 35 tokens of /s/. 16 tokens were in word-initial position
(e.g. sun, sand), 9 word-medial (e.g. fleecy, vessel)
and 10 word-final (e.g. ice, pass). Due to coarticulatory effects, /s/ always occurred in the context of
unrounded vowels. For examination of creak, participants read a list of 35 sentences. Participants also
engaged in an 20 minute conversation to elicit a casual speech style; this portion is not analysed here
but may be presented in future work. Participants
were then interviewed about their gender identity
and relationship to their speech and voice.
Tokens of /s/ were manually segmented in Praat
[4] and COG was measured with a script [7] that
uses the time-averaging method following [27].
Each token was coded for COG, speaker gender category (TM or TF), word position (initial, medial,
final), and preceding and following vowel (/i/ or
other) due to potential coarticulatory effects. Results were analysed using multiple linear regression
in R[25]. Recordings of the reading task were annotated with orthographic transcriptions in Praat then
forced aligned using the Montreal Forced Aligner

Figure 1: The effect of gender category on centre
of gravity of /s/ (Hz)

3.2. Creak

Vowels in utterance-final position were significantly
creakier than vowels elsewhere in the utterance (β =0.35866, p<0.001). In utterance-final position, a following glottal stop had no effect; elsewhere in the
utterance vowels followed by a glottal stop were significantly creakier (β =0.22350, p<0.01). There was
no significant difference in the percentage of creaky
vowels used by TM and TF speakers; instead, there
was a large amount of variation between individual participants and within categories, as shown in
Fig. 3. Two participants are particularly creaky: Alice (TF) uses creak in 16% of vowels, while Jam
(TM) uses creak in 33%.
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between the TM and TF speakers or between individual speakers may be at play here. However,
the present study did not consider palate size differences, so the impact of physiology here is unclear.
Participants’ accents may also play a role; generally, participants from the south of England (Aesclepia, Alice, Isaac, Napman, Alex) had a higher COG
than participants of the same gender category from
elsewhere. However, due to the small sample size,
this could not be investigated further.
A third possible influence is participants’ queer
and non-binary identities. In his study of /s/ in TM
speakers, Zimman [35] explains much of the variation in his participants’ COG in terms of participants’ non-binary and queer identities and gender
presentation. In the present study, Isaac reported not
minding if his voice sounded feminine or gay because of his identity as a gay man; this may be reflected in this mean COG of 7346Hz, which is on
the higher side of what has previously been found
for cisgender male speakers, but within the range
of gay-sounding speech in UK English [16]. However, all participants in the present study identified as
LGB+ outside of their trans identity and many also
identified outside of the gender binary, and there is
no clear relationship between participants’ specific
identities and COG for /s/.

Figure 2: Centre of gravity of /s/ by individual
participants (Hz)

Figure 3: Percentage of creaky vowels used by
individual participants

4.2. Creak

Based on previous findings that cisgender men are
creakier than cisgender women and the low pitch of
creak, it was predicted that TM speakers would use
more creak than TF speakers. However, there was
no significant difference between the two groups.
This finding could suggest that trans speakers
do not recruit creak in negotiating their identities.
Looking at cisgender speakers, [14] found that female speakers of Modified Northern and RP used
creak in an average of 6% and 7% of syllables respectively, while male speakers of Modified Northern and RP used creak in 61% and 23% of syllables respectively. Here, most TF speakers use creak
in 3-9% of vowels, suggesting that TF speakers at
least appear to be using a lack of creak to avoid indexing a masculine identity and creating the perception of low pitch. The creakiest TF speaker, Alice,
uses creak in 16% of vowels. Alice mentioned being raised by her father and grandparents who came
from Yorkshire but lived in the south of England
and said this had affected her accent, implying she
may have predominantly acquired her speech from
male speakers of Modified Northern. While Alice
is creakier than many in this sample, given that [14]
found male speakers of Modified Northern to be par-

4. DISCUSSION
4.1. /s/

It was predicted that TM speakers may have a lower
COG than TF speakers. This prediction was based
on previous findings that cisgender men tend to have
a lower COG than cisgender women, and assumed
that participants’ gender identity and attempts to distance themselves from speakers of the gender they
were assigned at birth would take precedence. However, TM speakers have a higher COG than TF
speakers, suggesting other factors must play a role.
Here we consider the potential influence of physiology, accent, and non-binary and queer identity.
Physiology is a possible influence. Some authors
[9] point to potential physiological differences between cisgender men and women to explain differences in the acoustic properties of /s/. As [11] found
a correlation between palate size and the acoustic
properties of /s/, potential physiological differences
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presentation and speech. For example, Jay (TF) reported that they wanted to present more femininely
but chose a masculine presentation because it was
easier - this may be reflected in their speech, as
they have a fairly low mean COG at 6061Hz and,
while not especially creaky, use more creak (9%)
than many other participants. Similarly, Spicey Boi
(TM), who has a COG of 8359Hz and creak in 6%
of vowels, reported finding it difficult to present in
a masculine way because of how he was perceived,
noting that he spoke in a more feminine way at work
around customers who assumed he was female.

ticularly creaky, she may not be particularly creaky
for someone of her linguistic background.
While TM speakers had low rates of creak overall, Jam stood out by using creak in 33% of vowels.
This may be because they reported having actively
attempted to make their voice sound deeper and felt
that they had succeeded in this. It is possible that
rather than lowering their f0, they may have been
using creak to create the perception of a lower pitch.
[2] speculate that hormonal fluctuations and laryngeal changes caused by testosterone during puberty may lead to increased rates of creak. However,
similar to previous findings by [3], the TM participants here in the early stages of testosterone therapy
(Ruairi and Batman) appear to use fairly low rates
of creak, suggesting that in adults undergoing testosterone therapy, the laryngeal changes of testosterone
do not cause increased creakiness.
The data here comes from read speech, which
has been found to be less creaky than spontaneous
speech [3]. Additionally, the amount of creak used
may have been different if participants had read a
passage rather than single sentences. Further, the
creak detection algorithm only identifies 81% of auditorily coded creak [18]. Thus, the results reported
here may not representative of participants’ audible
creak usage in daily life.

Environmental factors and socialization experiences can also interact in many cases. Aesclepia
(TF) reported that she had never spoken in a particularly masculine way, but that she had had to try
to make her voice sound more masculine during adolescence to avoid being bullied at school. With a low
amount of creak (4%) and a mean COG of 6777Hz,
Aesclepia’s voice could be considered more typically feminine than the other TF participants - but
her experience during adolescence may explain why
her speech still inhabits a middle ground between
masculine and feminine norms.
Creak and /s/ are only two of the features that participants may be using as part of a wider linguistic
style. Participants remarked on pitch, lexicon, intonation, speech rate and loudness as features that had
changed in their speech since coming out, or that
they wished to change. This is evident in the speech
of Alex, a trans man, who exhibits a high mean COG
of 8649 Hz and creak in 8% of vowels. Despite not
being on testosterone, Alex appears to have a low f0
of 130-160Hz, offsetting other more typically ‘feminine’ features in his voice. Future research would
benefit from examining a wider range of variables to
investigate how trans speakers incorporate different
variables into their wider linguistic style. Perceptual work on how listeners’ perceive the voices of
trans speakers and how trans listeners perceive gender in the speech of others may be useful to guide the
choice of variables examined in production studies.

4.3. Transgender speakers and style

While TM speakers had a higher COG for /s/ than
TF speakers, there was no difference in creak between the two groups. These findings will now be
considered together, within a wider context, because
social meaning in variation comes when different
linguistic resources are clustered together [8] and
particularly in trans speakers, a variant can have very
different meanings in different contexts [34].
Language socialisation experiences are a possible
influence that some participants noted in their interviews. Ray (TM) mentioned they had only come
to identify as trans during adolescence, had gone to
a single-sex girls’ school and had not been around
men growing up. They said this meant they did not
know what a masculine speech style sounded like,
so had difficulty aiming towards it. These experiences may contribute to their having the highest
mean COG out of these participants (9034Hz), combined with low creak usage (5%).
Environmental factors may also contribute. Many
participants reported that when they had first come
out as children or teenagers, they had been prevented
from coming out fully as a result of living in a transphobic environment. Some participants noted how
their environment affected the way that their gender

5. CONCLUSION
Overall, these results show that creak use and /s/ in
trans speech are not determined solely by the identities, socialization, or environment of the speaker;
instead, these factors interact to produce variation.
Future research on trans speech should consider not
only creak and /s/, but a wider array of linguistic
resources, to gain a more complete picture of trans
speakers’ linguistic practices.
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ABSTRACT

We begin by providing an overview of the origins of
(ING) and previous work on variation in its
consonantal and vocalic realisations. We discuss the
data used in this study and the methods and analysis
employed to address the above questions.

Word-final unstressed English (ING) is a ‘showcase’
sociolinguistic variable, although variation in its
vowel has received little attention. We analyse the
social and linguistic factors conditioning the (ING)
vowel in a socially stratified corpus of Toronto
English. The vowels for the velar and alveolar
variants show a high degree of overlap. A mixedeffects linear regression model of the normalised F1
values show that the preceding segment has the
greatest effect, with interaction effects for social
factors and following place of articulation also
significant. These findings suggest that (ING) lies at
the intersection of variation in both its components,
consonantal and vocalic.
Keywords: sociophonetics,
consonants, nasals.

variation,

2. THE STUDY OF (ING)
2.1. The origins of (ING) variation

The origins of variation in the realisation of the nasal
consonant in (ING) can be traced to the historical
convergence of two different morphemes in Old and
Middle English: verbal nouns, derived by suffixing inge/-ynge, and the progressive participle, formed by
suffixing -inde [1,13]. With the loss of final
unstressed -e, the morphemes developed into the
forms -ing/-in(d) [7,10,21]. The marginal phonemic
status of /ŋ/ in English may have led to convergence
toward the alveolar realisation in both morphemes,
with the velar variant persisting as a hypercorrection
or spelling pronunciation [21]. Realisation of the
vowel in (ING) has received little explicit comment,
although there is sometimes discussion of variation
between the forms [ɪn] and [ən], as well as the
vowelless form [n̩] and the “less common” [iŋ] and
[əŋ] [20,21].

vowels,

1. INTRODUCTION
The final consonant in English word-final unstressed
-ing (ING) varies between a velar [ɪŋ] and an alveolar
[ɪn] realisation. This ‘showcase’ variable of
sociolinguistics has been well-studied in both
production (e.g. [5,9,18]) and perception (e.g. [2,17]),
and we have a good understanding of its historical
origins and its conditioning by social, stylistic and
linguistic factors.
However, less attention has been paid to variation
in the vowel of (ING), despite occasional mentions in
the literature. Recent work (e.g. [14,15]) drawing
attention to the existence (at least in Canadian
English) of a tense vowel with the alveolar variant
[in] has argued that we view the variation as threeway rather than binary. Chambers [4] suggests that
the tensed variant is on the rise in Canadian English.
In this paper, we make use of a corpus of
conversational Canadian English to address the
following questions:
i.

Does (ING) have two variants or three (or
more)?

ii.

Does vowel variation in (ING) exhibit the same
social stratification as its consonant?

iii.

Are tense-vowel variants increasing in younger
speakers?

2.2. Sociolinguistic conditioning of (ING)

Variation between velar and alveolar realisations of
the final nasal consonant appears to be a ‘vernacular
universal’, occurring in all varieties of English to
some degree [3]. This variation is conditioned by a
fairly consistent set of social, stylistic and linguistic
constraints. Higher rates of velars are associated with
female speakers and with speakers of higher
socioeconomic status, while higher rates of alveolars
are associated with male speakers and speakers of
lower socioeconomic status. Speakers of different
ethnic backgrounds show different rates of use.
Stylistically, velar variants occur more in formal
speech and alveolar variants more in informal or
casual speech [11].
There is also general agreement about the
conditioning of the variation by the linguistic context.
Most important is the division between verbal forms,
which favour the alveolar realization, and nominal
forms, which favour the velar variant [10]. This
conditioning has been traced back to the historical
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to match the age-groups of the other ethnolinguistic
groups. All groups were equally balanced for sex.
This study uses a subsample of the corpus, as
shown in Table 1. First-generation informants were
excluded from the analysis because of their status as
non-native speakers of English. The retention of the
older British/Irish background speakers in the
analysis allows us to investigate change in apparent
time, by comparing their behaviour with that of
younger speakers.

origins of the variation discussed above. While
phonological context has also been investigated, the
results are not consistent across studies [19].
2.3. Vowel variation in (ING)

Many studies of (ING) note the variation in the
realisation of the unstressed vowel (e.g. [21]) but few
explicitly examine its distribution. In Gregg’s [6]
survey of Vancouver English conducted in the 1970s,
he coded not only for the place of articulation of the
consonant but also distinguished between a syllabic
nasal [-Øn] and realisations of the vowel as schwa, a
lax [ɪ] or a tense [i]. As Figure 1 shows, while the
velar variant with a lax vowel is most common across
all tasks, the alveolar variant with either a tense or lax
vowel is the primary alternative.

Table 1: Speakers included in the study.

Ethnic Background:

Figure 1: Distribution of (ING) variants in Vancouver
English [6].
[-ɪŋ]
[-in]
[-ɪn]
[-ən]
[-Øn]
[-iŋ]
80%

Female

Male

British/Irish, older

8

6

British/Irish, younger

6

6

Chinese, 2 /3 gen.

11

10

Greek, 2nd/3rd gen.

1

3

Italian, 2nd/3rd gen.

9

8

nd

rd

nd

rd

60%

Portuguese, 2 /3 gen.

4

2

40%

Punjabi, 2nd/3rd gen.

10

11

Total:

20%

95

3.2. Methods

0%

Reading Passage

Visual-Aural

Word List

Multiple Choice

The recorded interviews were transcribed into timealigned files with ELAN [22] using standard English
orthography. The transcriptions were force-aligned
with the sound file using the FAVE suite [16], which
was then used to automatically extract and measure
all of the vowels in each interview. Vowel
measurements were normalised using the Lobanov
method. Vowel alignments were not hand-corrected
but tokens were spot-checked with manual
measurement to verify the accuracy of measurement.
The vowel measurements were taken from each
occurrence of word-final unstressed -ing with an
audible, measurable vowel. This resulted in a dataset
of 7,004 tokens, which were coded for a series of
social and linguistic factors. The individual speaker
was coded, along with their sex, ethnic background
and (for British/Irish-background speakers) their agegroup. Tokens were also coded for the individual
lexical type (word) in which they occurred, along
with the place of the following nasal (alveolar or
velar) and the preceding segment (vowel, labial,
alveolar, palatal or velar). The grammatical status of
the word in which the token occurred was coded as
noun (e.g. morning), verb (e.g. I was walking),
adjective (e.g. the walking dead), preposition (e.g.
during) or -thing compound (e.g. anything,
something).

3. VOWEL VARIATION IN TORONTO
ENGLISH (ING)
3.1. Data

The data on which this study is based are taken from
a long-term research project to investigate the
sociolingustic consequences of increasing ethnic and
linguistic diversity in Toronto, Canada’s largest and
most multicultural city. Making use of their preexisting social networks, undergraduate student
research assistants conducted and recorded
sociolinguistic interviews between 1.5 and 2 hours in
length with members of their respective communities.
Speakers were stratified by ethnic background, with a
control group of British/Irish background and
speakers of Chinese (Cantonese), Greek, Italian,
Portuguese and Punjabi background. Speakers were
also stratified by generation, with 1st-generation
informants having arrived in Canada as adults (after
age 18) and lived there for at least 20 years. Secondand third-generation speakers were born in Canada
(or arrived before age 5) and spent their whole lives
there. Comparable samples of Canadian-born
speakers of British/Irish background were collected
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3.3. Results

produce higher vowels with following velars
(although this effect is stronger for the older speakers,
suggesting that it might be weakening for the younger
speakers). In contrast, younger speakers of other
ethnic backgrounds (with the exception of the
Portuguese) tend to produce higher vowels with
following alveolars.

In order to verify whether the realisation of the vowel
correlated with a particular consonantal variant, all of
the tokens were plotted using the PhonR package in
R [12] according to the place of the following nasal.
As Figure 2 shows, there is a high degree of
overlap in the distribution of (ING) vowels with a
following alveolar and a following velar, which
suggests that the two consonantal variants are not
distinguished with respect to the positions of their
vowels. Nevertheless, the two means do not overlap
entirely and the alveolar variant appears to feature a
wider range of vowel realisations than does the velar
variant.

Table 2: Contribution of social and linguistic
factors to the realisation of F1 of vowels in (ING)
(n = 7,004). (Random effects: speaker, word.)
Preceding place (p < .000)
Vowel
41.177
Liquid
21.983
Alveolar
-3.032
Labial
-8.014
Palatal
-18.208
Velar
-33.706
Ethnic background (/Age-group) x Following
place (p = .0001)
British/Irish (older) x alveolar
16.765
Greek x velar
11.744
Chinese x velar
4.201
Italian x velar
4.145
British/Irish (younger) x alveolar
3.893
Punjabi x velar
1.578
Portuguese x alveolar
1.012
Portuguese x velar
-1.012
Punjabi x alveolar
-1.578
British/Irish (younger) x velar
-3.893
Italian x alveolar
-4.145
Chinese x alveolar
-4.201
Greek x alveolar
-11.744
British/Irish (older) x velar
-16.765
Sex x Following place (p = .01)
Female x velar
3.455
Male x alveolar
3.455
Female x alveolar
-3.455
Male x velar
-3.455
Grammatical status (p = .02)
Preposition
17.535
-thing compound
12.700
Adjective
-4.197
Noun
-12.174
Verb
-13.863

Figure 2: Overall distribution of (ING) vowels by
following place of articulation.

To test differences in vowel height more
systematically, we ran a mixed-effects linear
regression analysis using the stepup/stepdown
procedure incorporated in Rbrul [8]. The Lobanovnormalised F1 values were included as the dependent
variable (as a measurement of vowel height), speaker
and word were included as random effects and the
speaker’s ethnicity(/age-group) and sex, the place of
articulation of the preceding and following segment
and the grammatical status of the word were included
as fixed effects. We asked Rbrul to test for
interactions between the social and linguistic factors.
The results of the regression analysis are shown in
Table 2, which displays the logodds values from the
best stepdown run. (Because the unit of measurement
is F1, a lower logodds value indicates the likelihood
of a higher vowel articulation.)
The factor with the greatest effect is the place of
articulation of the segment preceding the vowel, with
preceding palatals and velars favouring a higher
vowel articulation.
The second greatest effect is that an interaction
between the ethnic background(/age-group) of the
speaker and the following place. British/Irishbackground speakers, regardless of age, tend to

Also significant, though less so, is an interaction
of sex and following place, with female speakers
producing higher vowels with following alveolars
and males producing higher vowels with following
velars.
Finally, the grammatical status of the word was
significant, although the effects are not the same as
those reported for the consonant variation in (ING).
Instead of a noun/verb split, we see a split between
major word-classes (verb, noun, adjective) on the one
hand and prepositions and -thing compounds on the
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other, with the former favouring higher vowel
realisations.
4. DISCUSSION

[4]

We are now in a position to answer the questions
posed at the beginning of this paper.
Instead of specifying a number of variants for
(ING), it might be better to think of the variation as
occurring along two dimensions: consonantal, in
which the place of articulation varies between
alveolar and velar; and vocalic, in which the vowel
ranges between a schwa-like central vowel and a
tense high vowel. Some of the effects of linguistic
conditioning may be traced to co-articulation, with
higher vowels produced in the environment of a
preceding ‘high’ consonant (palatal or velar).
Social stratification of the vowel is evident, but
this patterning cannot be extricated from the effects
of following place. We see a sex-based split, with
women favouring [in] and men favouring [iŋ]. There
is also a split based on ethnic background, with
British/Irish-background speakers favouring higher
vowels with a following velar and speakers of other
ethnic backgrounds favouring higher vowels with a
following alveolar.
The age-based difference, in which the effect of
following velars is weakened in younger speakers of
British/Irish background, suggests that there may be
a change toward to a tenser variant with following
alveolars. However, if this is an ongoing change, it
seems to be led by ethnic groups other than the
British/Irish.

[5]
[6]
[7]
[8]

[9]
[10]
[11]
[12]

Dialectology meets Typology: Dialect Grammar from
a Cross-Linguistic Perspective. Berlin/New York:
Mouton de Gruyter, 127-145.
Chambers, J.K. 2009. Sociolinguistic Theory. 3rd
Edition. Oxford: Wiley-Blackwell.
Fischer, J. 1958. Social influences on the choice of a
linguistic variant. Word 14: 483-438.
Gregg, R.J. 2004. The Survey of Vancouver English.
Kingston, ON: Strathy Language Unit.
Houston, A. 1985. Continuity and Change in English
Morphology: The Variable (ING). University of
Pennsylvania Ph.D. dissertation.
Johnson, D.E. 2009. Getting off the Goldvarb
standard: Introducing Rbrul for mixed-effects
variable rule analysis. Language and Linguistics
Compass 3: 359-383.
Labov, W. 1966. The Social Stratification of English
in New York City. Washington, DC: Center for
Applied Linguistics.
Labov, W. 1989. The child as linguistic historian.
Language Variation and Change 1: 85-97.
Labov, W. 2001. Principles of Linguistic Change,
Volume 2: Social Factors. Oxford: Blackwell.
McSloy, D.R. 2016. phonR: Tools for phoneticians
and phonologists. https://CRAN.R-project.org/
package=phonR

[13] Mitchell, B., Robinson, FC. 2011. A Guide to Old
English. 8th Edition. Oxford: Wiley-Blackwell.
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[15] Rosen, N., Ankutowicz, D’Arcy, A. 2016. Thinkeen
about (ING). Paper presented at the annual meeting
of the American Dialect Society, Washington, DC.
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2011. FAVE (Forced Alignment and Vowel
Extraction) Program Suite. fave.ling.upenn.edu
[17] Schleef, E., Flynn, N. & Barras, W. 2017. Regional
diversity in social perceptions of (ing). Language
Variation and Change 29: 29-56.
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English in Norwich. Cambridge: Cambridge
University Press.
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grad(ing) in late adolescence. Language Variation
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4. CONCLUSION
Variation in the place of articulation of the vowel
has been generally acknowledged but its distribution
and conditioning has not been investigated. As a
result, it is difficult to know whether the effects
observed here are unique to Canadian English.
Studying the phonetic realisation of this vowel is
made difficult by its lack of stress and relatively short
duration, as well as the obscuring effect that the place
of the following consonant has on perceiving the
vowel. These considerations provide an impetus or
future studies of (ING) to take into consideration not
only the variation of its consonant but also that of its
vowel.
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home, with 42 million speakers, making it the world’s
30th most widely spoken native language [10].
The most significant of these colloquial varieties
is JI, increasingly serving as a model for other urban
varieties. And yet, to date, little linguistic work has
been done on JI. Such work would not only provide
much needed documentation, but also offer insight
into the linguistic structure of and sociolinguistic
variation in a major emerging variety as part of the
linguistic ecology of a complex multilingual national
capital. It is interesting to consider whether patterns
of variation due to socio-indexical factors function in
similar ways as in other linguistic landscapes. The
relationship JI has to SI is complex and it is not just a
simplified form of SI. It is thus especially important
that JI be studied in its own right.
Differences between JI and SI mentioned in the
literature are described as showing variable
realization [4, 7, 8]. This includes grammatical
properties and lexical and phonological differences.
A clearer understanding of the patterns of variation
observed for each of these variables, as well as
similarities and differences between the patterns, is
sought. Crucially, naturalistic data is needed, and
fortunately a well-constructed corpus of colloquial
naturalistic data exists: The Max Planck Institute for
Psycholinguistics (MPI) Jakarta field station corpus
of Betawi Jakarta Indonesian (BJI) [5]. As part of a
larger project looking at multiple variables, here we
conduct an analysis of two patterns of phonetic
variation.

ABSTRACT
Based on naturalistic corpus data, we investigate two
patterns of phonetic variation observed in Jakarta
Indonesian (JI), an emerging variety of colloquial
Indonesian spoken in and around Indonesia’s capital,
Jakarta. Word-initial [s] ~ Ø is observed in
grammatical forms and taken to be lexicalized, e.g.
saja ~ aja ‘just’, sampe ~ ampe ‘until’. Word-initial
[h] ~ Ø is more pervasive and said to be an optional
phonological rule of H deletion, e.g. hari ~ ari ‘day’,
habis ~ abis ‘finished’. We examine the patterns of
variation in these two variables for 20 speakers, in
terms of lexical properties, frequency, phonological
conditioning and socio-indexical factors—sex,
education, and age—in order to contribute to a fuller
understanding of patterns of inter- and intra- speaker
variation in this rapidly developing language variety.
Keywords: Jakarta Indonesian, lexical variation, H
deletion, inter-speaker variation, naturalistic corpus.
1. INTRODUCTION
Jakarta Indonesian (JI) is a colloquial variety of
Indonesian (Bahasa Indonesia, BI) spoken as a first
language by an increasingly large population in and
around Jakarta, the capital of Indonesia. It is in some
sense an admixture of Betawi Malay, the local variety
of Malay historically spoken in the area, and Standard
Indonesian (SI), also a variety of Malay, declared as
the national language at the founding of the Republic
of Indonesia in 1945. (See [7, 8] for review.)
JI fits into the complex, dynamic linguistic
landscape of Indonesia, with a population of 260
million people, home to 700 languages spoken across
an archipelago of over 14,000 islands. During the
second half of the 20th century, Indonesian developed
and was developed as a national language for this new
nation-state. Indonesian became the second language
of an increasingly large percentage of the population,
and in recent decades, colloquial varieties have
become the native language of a significant
population. Based on the 2010 census [1], BI
(encompassing various colloquial varieties) has
become the second most widely spoken language at

2. VARIABLES BEING STUDIED
We focus our study on two cases of variation between
a consonant-initial form, which we refer to as the “Cinitial” form, and a vowel-initial “V-initial” form, in
which the initial consonant, [h], [s], or [m], is absent.
As shown in (1), word-initial [s] ~ Ø is observed in
several high frequency grammatical forms. An [m] ~
Ø alternation is also observed in one form.
(1)
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initial [s]/[m] ~ Ø
saja ~ aja ‘just’
sampe ~ ampe ‘until’
suda(h) ~ uda ‘perfective’
memang ~ emang ‘indeed’

of speech from naturalistic corpora. However, this
brings with it its own set of challenges and
requirements.
There needs to be metadata –
identifying speakers along with key socio-indexical
properties, as well as careful and reliable phonetic
transcription and associated acoustic files for further
analysis (see [3] for recent discussion). Additionally,
such corpora are rarely available for less studied
languages. Fortunately, such a corpus exists for JI.

We avoid calling the V-initial form a “reduced” form,
as it is not clear if there is a synchronic process of
reduction. Word-initial [h] ~ Ø, exemplified in (2) is
observed in both high and low frequency words. (See
[7] for discussion of final-[h].)
(2)

initial [h] ~ Ø
hari ~ ari ‘day’,
habis ~ abis ‘finished’
hijau ~ ijo ‘green’

4. METHODOLOGY

There is brief mention of both of these variables in the
limited previous work [4, 9]. Ewing [4, p. 229]
observes “There are, however, a few frequent
variations in Colloquial Indonesian phonology which
stand out as salient to speakers themselves. . . . These
include . . . unrealized /h/. . . other examples of
reduced forms . . . are limited to a small set of specific
function words”.
The [s]/[m] ~ Ø alternations described as being
limited to function words and used in casual speech
are understood to be markers of an informal register.
Most of these forms have been grammaticalized, and
it is claimed the original lexical form cannot be
realized as the V-initial variant; thus, it is assumed
that sampe ~ ampe is observed for ‘until’ but only
sampe is observed for ‘arrive’.
The initial [h] ~ Ø resulted from a loss of initial /h/
in Betawi and other closely related varieties of Malay
[6]. Synchronically, in JI it is assumed to be an
optional rule of H deletion (e.g. Sneddon [9, p. 22]
“Very frequently initial h is lost.”).
Here we investigate the observed patterns of
variation for both of these variables in casual speech.
We look at the lexemes that show variation in the BJI
corpus and consider what structural factors account
for the observed variants. We then look at the patterns
of inter- and intra-speaker variation for 20 speakers,
comparing sex, education, and age, to see whether
these variables are used as socio-indexical markers.

4.1. Betawi Jakarta Indonesian corpus

We analyse data from the BJI corpus [5], based on
recordings done in informal settings in Jakarta, with
28 hours of recorded speech with a total of 75,079
utterances transcribed by trained native linguists in
ELAN based on careful listening and imported into a
relational database. The database is searchable by
orthography, lexeme, phonetic transcription,
morphological structure, and speaker.
4.2. Speakers

We investigate the pattern of variation in initial
[s]/[m] and [h]-lexemes, for a group of 20 JI speakers,
balanced by sex and educational attainment (Lower =
secondary school or less, Higher = some postsecondary education). These speakers range in age
from 20-49. The only previous quantitative study
including some of these same lexemes [9] was limited
to Indonesian “as spoken by educated Jakartan in
everyday interactions” (p. 1) and did not present
results based on sex.
4.3. Target lexemes

We include in our analysis all forms with s/m ~ Ø
alternation and all h ~ Ø forms with at least five
tokens in the corpus.

3. NATURALISTIC DATA

Table 1: List of lexemes ranked by total tokens
(#) for 20 JI speakers and observed variants.

Recently there has been increased attention to the
nature of our data. It had often been assumed that
laboratory speech was representative of careful
speech, but much recent research leads us to question
this assumption (see [2]). There are further limitations
of elicitation and self-reporting when we are looking
at colloquial speech phenomena, where there might
be a significant gap between what speakers think they
are doing and what they are actually doing. These
issues are even more present in the context of an
emerging colloquial variety such as JI.
An alternative approach to eliciting laboratory
speech that is gaining wider currency is the analysis

Lexeme

39

(h)abis

Gloss
after,
finish

#

C-initial

V-initial

144

habis

abis, abis-nya

(h)ari

day

131

hari, hariq

ari, ariq

(h)aji

Haji

32

Haji, Hajiq

Aji

(h)idup

life

23

hidup

idup

(h)ampir

near

15

hampir

ampir

(h)item

black

10

—

item

(h)ati

liver

10

hati, hatiq

ati, atiq

(h)ijo

green

6

—

ijo, ijoq

(s)udah

PFCT

1197

sudah

(s)aja

just

614

(s)ama

with

391

saja
sama,
samaq

(s)atu

one

205

(s)ampe

arrive

111

(s)ama

same

92

(s)ampe

until

14

(m)emang

indeed

174

satu, satuq
sampéq,
sampé,
sama,
samaq
sampéq,
sampé
mémang,
memang,

additional factors—phonological conditioning and
socio-indexicality—as explanations for the observed
variation. We exclude sama ‘same’ and satu ‘one’
from further analysis, since they show little variation,
and also (m)emang, as the only [m]-initial form.

udé, udéh,
uda, udah,
dah udaq
aja, ajaq, ajé
ajéq, aja-lah
ama, amaq,
amé, améq

5.2. Phonological conditioning

atu, atuq

We might expect that some of the observed variation
is due to phonological conditioning. Specifically, we
would predict that the V-initial variants would be
more likely to occur following a consonant and the Cinitial variants following a vowel. We also might
expect a stronger phonological effect for [h] forms
than for [s] forms, if V-initial forms for the latter are
indeed more lexicalized. To test these predictions, we
look at the preceding environment for those forms
that show the most variability, as shown in Table 3:

ampéq
—
ampéq
émang,
mang

5. RESULTS
5.1. Results by lexeme [h] ~ Ø, [s]/[m] ~ Ø

Table 3: % V-initial variants by preceding segment,
predicted phonological conditioning shaded.

In Table 2, showing overall results, we can see very
high percentages of V-initial forms for [s]/[m]lexemes, but a roughly even split for [h]-lexemes.

Word Form
hidup
idup
hati
ati
sampe (until)
ampe (until)
sampe (arrive)
ampe (arrive)

Table 2: Results for each category of lexemes.
h-initial
s-initial
m-initial

C-initial
46%
12%
13%

V-initial
54%
88%
87%

Total
362
2532
174

Looking at the results by lexeme shown below in Fig.
1, we see that %V ranges from 100% to 0%; thus
some are categorically either V-initial or C-initial,
while some show significant variation. Among [h]lexemes, no [h]-initial forms are observed for ijo and
item suggesting these are restructured, consistent with
their forms in closely related Malay varieties. %Vinitial is also very high for some of the high frequency
items and function words, habis, hampir, but not
consistently so, cf. hari.1
Turning to [s]/[m]-lexemes, the %V-initial is very
high, particularly for saja, sudah, sama ‘with’ and
memang. Sneddon [9], the only prior quantitative
study, reports variations for some of the same [s]/[m]lexemes, finding similarly high %V-initial for sama,
sudah and memang. Regarding whether there is a
difference between grammaticalized forms and their
lexical sources, this seems to be categorically the case
for sama ‘same’ vs. sama ‘with’, since there are no
V-initial ‘same’ forms. However, we would also
predict that sampe ‘until’ but not ‘arrive’ would show
V-initial variants, but this is not borne out (50% vs.
43%). Taking token frequency in the BJI corpus as a
rough measure, we see that for [s]/[m]-lexemes,
higher frequency items show higher %V, but this is
not the case for [h]-lexemes. We consider two

C#_
55%
56%
100%
67%
71%
53%
45%
59%

V#_
45%
44%
0%
33%
29%
47%
55%
41%

We see clearly that the effect is not categorical, but
there is a slight tendency for a higher percentage of
V-initial forms following a preceding C, but no such
tendency for C-initial forms following a preceding V.
We also do not see a greater effect for [h]-lexemes.
Thus our predictions are not borne out.
5.3. Socio-indexical factors

Turning to socio-indexical factors, we present %
V-initial by speaker for [h] and [s]-lexemes.
Based on [7], we would predict higher % V-initial
for males and speakers of lower education.
However, looking at Table 4, we see little
difference due to either sex or education. (Based
on t-tests none of these differences were found to
be statistically significant at the .05 level.2)
Table 4: Percentage of V-initial variants by sex and
educational level.
Female
Male
Lower Ed.
Higher Ed.

40

% V-Initial h
56%
54%
57%
55%

% V-Initial s
77%
80%
86%
88%

speech is available to us, it is not clear whether
differences due to such interactions would emerge in
more formal speech.

In Fig. 2 below, results are presented by speaker, from
youngest to oldest. We predict younger speakers
might show a higher percentage of [h]-initial Cvariants, due to increasing influence from SI. While
inter-speaker variation is seen for [h]-lexemes, no
regular pattern tied to age is observed. The most
striking observation is the relative consistency of Vinitial forms for [s]-lexemes, as compared to [h]lexemes shown in Fig. 3.

6. DISCUSSION
In conclusion, we see variable realization of both [h]
and [s]/[m]-lexemes. In the case of [s]/[m]-lexemes,
our results are consistent with previous literature [4,
9] where these are described as a marker of colloquial
speech associated with JI. For [h]-lexemes, more
variability across speakers is observed, suggesting
that this variation is less clearly tied to colloquial
speech. No systematic phonological conditioning was
found and in neither case were differences observed
tied to age, sex, or educational level. This is in
contrast with results found for other phonological
variables in the BJI corpus, where effects of both
educational level and sex were seen [7]. In future
work, we plan to compare observed results for JI
speakers with Betawi Malay speakers and delve
further into additional variables to better understand
both the phonological patterning and socio-indexical
marking of multiple variables within a single
linguistic system.

Figure 3: Box plots for 20 JI speakers [h]-initial
and [s]-initial lexemes.

% V INITIAL
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50
0
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This suggests that the role of V-initial forms as a
marker of colloquial speech does not interact with
socio-indexical properties of age, sex, or education
level at least in casual speech. Since only informal
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Figure 1: Percent V-initial forms by lexeme.

Figure 2: Percentage of V-initial forms by speaker and lexeme category.
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ABSTRACT
Previous studies on vocalic hyperarticulation
generally found that vowels become longer and more
dispersed, i.e., more peripheral in vowel space, under
hyperarticulation, rather than more spectrally distinct
from contrasting vowels. This study examines
contrastive hyperarticulation of vowels in the speech
of 57 speakers of two dialects of Korean, Seoul
Korean (South Korea) and Hamkyoung Korean
(North Korea). Participants produced 24 sets of
lexical minimal pairs three times, once in isolation
(casual), once carefully as if speaking to a non-native
speaker (careful), and once directly following the
speaker’s production of the word’s lexical minimal
pair (contrastive). In both dialects, we found a
statistically significant effect of speech condition
(contrastive > careful > casual) on vowel duration,
degree of dispersion, and spectral distance between
contrasting vowel pairs. A closer inspection of the
data shows, however, that the evidence for spectral
contrast enhancement independent of dispersion is
inconclusive.
Keywords:
Korean
vowels,
hyperarticulation, minimal pairs

dialects,

1. BACKGROUND
Speakers skillfully adjust their speech to adapt to the
communicative demands of the speech context [15].
In particular, previous research examined if and how
speakers adjust their speech when they are prompted
to speak clearly, especially to distinguish target words
from their lexical competitors [17, 22]. Under
contrastive hyperarticulation, speakers tend to slow
down their speech, producing longer segments, and
exaggerate acoustic contrasts such as VOT/voicing [1,
20] and vowel formants [4]. Such hyperarticulation
emerged as an important topic of research due to its
implications for the adaptive nature of speech
production and its purported interaction with the
mental representation of words and speech sounds.
To probe how underlying phonological contrasts
affect the pattern of hyperarticulation, previous
studies compared clear speech production of identical
or comparable target segments across different
languages, dialects, or speaker groups. For example,
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Kang and Guion [10] examined contrastive
hyperarticulation of Korean stops, which are
undergoing tonogenetic sound change whereby lenis
and aspirated stops are merging in VOT with F0
taking over as the primary distinctive cue in phraseinitial position. They found that older Seoul Korean
speakers enhance the VOT distinction in clear speech,
while younger Seoul Korean speakers exaggerate
both VOT and F0, reflecting the changing nature of
the contrast.
Unlike consonantal contrasts, evidence for
contrast-specific enhancement of vowels remains
elusive [13, 17, 20]. While some studies found
evidence for “global” enhancement such as longer
vowel duration [17] and vowel space expansion [4] in
clear speech, evidence for contrast-specific spectral
enhancement remains limited at best. For example,
despite a large difference in vowel inventory size,
speakers of Croatian and English were comparable in
vowel peripheralization under clear speech
conditions [21].
Clopper and Tamati [5] examined the low-front
and low-back vowels in two dialects of American
English and found that words with minimal pair
competitors were produced with larger spectral
differences than those without lexical competitors.
Moreover, the lexical competitor effect was more
pronounced in the dialect where the contrasting vowel
pairs were acoustically more similar and hence in
need of more contrast enhancement. However, it is
possible that the attested contrast expansion is in fact
an epiphenomenon of vowel peripheralization. Wedel,
et al. [24] specifically distinguished these two
possibilities by looking at vowel contrasts where
contrast enhancement would result in centralization,
rather than peripheralization of target vowels.
However, these two studies that found evidence for
spectral enhancement of lexical contrast are based on
general speech corpus, rather than on speech data
specifically designed to elicit contrastive clear speech
in the context of lexical competitors. Hence, as far as
we know, there has been no convincing
demonstration of contrast-specific vocalic spectral
enhancement in clear speech.
In this paper, we examine the contrastive
hyperarticulation of vowels in Seoul Korean and
Hamkyoung Korean, two dialects of Korean known
to differ in their vowel structures [12, 14]. We

were speaking to a non-native speaker of Korean to
help them learn Korean. For this phase, the words
were presented in pairs. First, one word of the pair
appeared on the left side of the screen along with its
corresponding picture. After participants read the first
word, its minimal pair appeared on the right. Each
pair of words was presented twice in alternating order
so that both words were presented once as the first
item of the pair and once as the second item of the
pair. The word presented first was intended to induce
general hyperarticulation (“careful” condition) while
the word presented second, right after its minimal pair,
was intended to induce contrastive hyperarticulation
(“contrastive” condition). So, in total, each word was
read three times, once in the “casual” condition, once
in the “careful” condition, and once in the
“contrastive” condition. There were no repetitions. In
total, each speaker produced 140 word tokens (24
word pairs * 2 words * 3 conditions – 4 words
repeated words produced only once in the casual
condition). 10 tokens were omitted due to error,
mispronunciation, or background noise, and a total of
7970 tokens were analyzed (140 * 57 speakers – 10
omissions).

examine the manifestation of contrastive
hyperarticulation
along
three
acoustical
dimensions—duration, spectral dispersion, and
contrast-specific spectral enhancement—across the
two dialects. Table 1 provides an inventory of Korean
monophthongs. The front rounded vowels are
diphthongized in many dialects of Korean and are not
included in our study.
Table 1: Inventory of Korean monophthongs

i
e
ɛ

(y)
(ø)

ɨ
ʌ
ɑ

u
o

2. METHOD
2.1. Participants

Data collection took place in Seoul between
December 2016 and January 2017. Participants
included 36 North Korean defectors who are native
speakers of the Northern Hamkyeong dialect of
Korean, spoken in the northeastern region of North
Korea, and 21 speakers of Seoul Korean. The
participants were balanced for age groups in both
dialects and balanced for gender in Seoul but not for
Hamkyoung, due to the fact that the North Korean
refugee population is predominantly female
(http://www.unikorea.go.kr/). Table 2 summarizes
the demographic information of the participants.

2.3. Acoustic analyses

Table 2: Participant demographic information

Old (above 40) Young (40 or under)
Seoul
5F, 5M
5F, 6M
Hamkyoung
18F, 3M
13F, 2M
2.2. Speech materials and Procedure

A total of 24 minimal pairs were included, three for
each of the eight pairs of neighbouring monophthongs
(/i-e/, /e-ɛ/, /ɛ-ɑ/, /ɑ-ʌ/, /ʌ-o/, /o-u/, /u-ɨ/, and /ɨ-i/). For
example, for the /ɛ-ɑ/ contrast, we included /sɛtɑ/ ‘to
leak’ - /sɑtɑ/ ‘to buy’, /pɛm/ ‘snake’ - /pɑm/ ‘night’,
and /ɛksu/ ‘amount’ - /ɑksu/ ‘handshake’. Four words
were used for two lexical pairs, resulting in a total of
44 words (8 vowel pairs * 3 minimal pairs * 2 words
– 4 repeated words).
Each word was presented in standard orthography
along with a picture depicting the target word, to
disambiguate it from homophones and to reduce the
monotonous nature of the reading task. The stimuli
were presented to the speakers using PsychoPy [17]
on a Microsoft Surface tablet. The task was self-paced
and the participants advanced the words by touch
screen. The participants were first asked to read the
word on the screen comfortably (“casual” condition).
After the casual reading, the participants were then
asked to read the same words but this time as if they

The recorded speech was segmented and analyzed in
Praat [3]. For each vowel, duration and the first two
formants from the mid 10% of the vowel were
automatically measured. Based on an exploratory
analysis, the formant measurement settings that
minimized errors (as indirectly measured by variance
in formant values [7]) were determined. The formant
ceiling was set at 4,000 Hz for males and 4,500 Hz
for females, and the number of target formants was
set at 5 for back vowels (/ɑ, ʌ, o, u, ɨ/) and 4 for front
vowels (/i, e, ɛ/). The automatically measured values
were further filtered by excluding 273 outliers that
fall outside 2.5 standard deviations in either F1 or F2
for each vowel. This process removed all instances of
visually identifiable outliers in the vowel plot.
2.4. Statistical analyses

Statistical analyses were conducted in R [19]. The
formant values were z-scored transformed for each
speaker (cf. [16]) to allow for comparisons across
gender and speakers. We examined the effect of
speech condition on hyperarticulation using three
phonetic variables; (i) vowel duration, (ii) dispersion
from the centre of the vowel space, and (iii) the
distance between contrasting vowels in minimal pairs.
Vowel duration is straightforward. The dispersion
was calculated as the Euclidean distance of each
vowel token from the centre of the respective
speakers’ vowel space, as shown in (1). The distance
between contrasting vowel pairs was calculated as the
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again show movements toward the Seoul-like
positions, raising /o/ and lowering /ʌ/.

Euclidean distance of the two vowels in each lexical
minimal pair produced for each speech condition, as
shown in (2).
.

(1) 𝐷𝑖𝑠𝑝𝑒𝑟𝑠𝑖𝑜𝑛) = +𝐹1) + 𝐹2)

3.2. Duration

.

Figure 2 summarizes the effects of speech condition
and dialect on vowel duration. We found a significant
main effect of CONDITION (contrastive > careful >
casual), DIALECT (Hamkyoung > Seoul), and VOWEL
(not shown). In other words, speakers produced
longer vowels when asked to speak carefully, and the
contrastive speech condition induced further
lengthening over the careful condition. In terms of
dialect, Hamkyoung speakers generally produced
longer vowels than Seoul speakers. We also found a
significant two-way interaction of CONDITION *
VOWEL. A post-hoc test shows that while a significant
durational difference between the casual and
contrastive conditions was consistently found across
all vowels, the careful condition does not differ from
the other two conditions consistently across all
vowels.

(2) 𝐷𝑖𝑠𝑡𝑎𝑛𝑐𝑒)4 = +(𝐹1) − 𝐹14 ). + (𝐹2) − 𝐹24 ).
Three separate linear mixed-effects regression
models were built using the lmer() function of the
lme4 package [2], with each of the three
hyperarticulation measures as a dependent variable.
The fixed effects predictors in the initial models
included CONDITION (casual, careful, and
contrastive), DIALECT (Seoul, Hamkyoung),
VOWEL/VOWEL.PAIR, GENDER (Female, Male), AGE
(Old, Young), and their full interactions. All
predictors were simple coded (reference levels are
underlined). The models included random intercepts
for speakers and words/word.pairs, as well as a byspeaker random slope for CONDITION, if no
convergence problem occurred. The initial full
models were pared down by backward step-wise
regression using the step() function. Post-hoc tests
were done using the testInteractions() function of the
phia package [6]. Below we report the results
focusing on CONDITION, the main topic of our study,
and its interactions with other predictors. Statistical
analyses were also conducted to test for dialect- and
age-based differences on vowel formants. The alpha
value of 0.05 is assumed for significance reporting
and statistical details are suppressed for space.

Figure 1: Korean vowels by dialect, age, and
speech condition
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3.1. Overview of the vowel positions

Condition

Figure 1 summarizes the position of the eight
monophthongs by dialect and age. We observed a
number of statistically significant differences for
dialect and age which are in line with previous related
studies [8, 9, 11, 23]. The two front mid vowels (/e,
ɛ/) are almost merged in Seoul, more so for younger
than older speakers, while they remain distinct and
stable across age groups in Hamkyoung. The high
central vowel /ɨ/ is much more front in Seoul, with
younger speakers fronting the vowel more than older
speakers, while in Hamkyoung, the vowel is further
back, although younger speakers show fronting
toward a Seoul-like position. The positions of the two
mid back vowels are also very different between the
two dialects. In Seoul, /o/ is raising to a position close
to /u/, with younger speakers raising more than older
speakers, while /ʌ/ is in a lower mid vowel position.
In Hamkyoung, the height of the two vowels is
reversed in older speakers, while younger speakers

casual

careful

contrastive

Vowel duration (s)

Figure 2: Vowel duration by speech condition
0.15
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casual

0.10

careful
contrastive

0.05

0.00
Seoul

Hamkyoung
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3.3. Dispersion

Figure 3 summarizes the effects of speech condition
and dialect on vowel dispersion. There was a
significant main effect of CONDITION (contrastive >
careful > casual) and VOWEL (not shown). In other
words, some vowels are farther away from the centre
than others, as expected, and the contrastive condition
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induced the most peripheral vowel production
followed by the careful and then casual speech
condition. A significant two-way interaction was
found for CONDITION * VOWEL. A post-hoc test
shows that while a significant degree of dispersion
difference between the casual and contrastive
conditions was consistently found across all vowels
(except for /ɨ/), the careful condition does not differ
from the other two conditions consistently across all
vowels. Also, a significant three-way interaction was
found for CONDITION * DIALECT * AGE. Post-hoc
tests show that this is due to the fact that speech
condition has a much weaker effect in older Seoul
speakers’ speech, while the effect is more consistent
for the other groups – younger Seoul speakers, older
and younger Hamkyoung speakers.

3.5. Similarity and enhancement

We also tested the hypothesis that the spectral
contrast enhancement of vowel pairs is larger in
dialects where the vowels are more acoustically
similar [5]. Figure 5 plots the baseline mean acoustic
difference, by dialect, between the target vowel and
its competitor vowel in casual speech on the x-axis
and the increase in distance from casual to contrastive
speech conditions on the y-axis. For five of the eight
vowel pairs, there is a predicted negative correlation
between the baseline distance and contrastive
enhancement across dialects, i.e., distance between
vowels is enhanced more in the dialect where the
vowels are acoustically more similar. However, in the
other three vowel pairs /u-o/, /ɛ-e/, and /i-ɨ/, the Seoul
dialect has a smaller baseline difference than
Hamkyoung but the enhancement is smaller or
negative (the distance from the constrasting vowel
decreased in the contrastive condition). Interestingly,
these three pairs are precisely the ones involved in
change in progress in Seoul Korean that reduces the
distance between the contrasting vowels (merger of
/e-ɛ/, fronting of /ɨ/, and raising of /o/). Further
analyses will investigate the correlation between
sound change and the direction and degree of
contrastive enhancement and its interaction with
speaker age.

Dispersion from center

Figure 3: Dispersion by speech condition
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Figure 5: Baseline distance and contrast enhancement
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Figure 4: Vowel distance by speech condition

Hamkyoung

Dialect

ɛ-e
a-ɛ

0.10

ɛ-e
0.05

o-ʌ
ɨ-u
o-ʌ
e-i ɨ-u
i-ɨ

0.00

a-ɛ
Dialect

u-o

i-ɨ
e-i
u-o

3.4. Distance between contrasting vowels

0.5

Figure 4 summarizes the effects of speech condition
and dialect on the distance between neighboring
vowels in lexical minimal pairs. There was a
significant main effect of CONDITION (contrastive ~
careful > casual), DIALECT (Hamkyoung > Seoul),
and VOWEL (not shown). The distance between
neighboring vowels was smaller in casual speech
compared to the careful and contrastive conditions.
The difference between the careful and contrastive
conditions was in the expected direction but did not
reach significance. A significant two-way interaction
was found for CONDITION * VOWEL. A post-hoc test
shows that the effect of CONDITION was significant
only for /ɑ-ɛ/ and /ɑ-ʌ/, and marginal for /ɛ-e/ and /ɨu/. This suggests that the significant main effect of
CONDITION was likely mainly driven by the lowering
and peripheralization of /ɑ/.

1.0

a

Hamkyoung

a

Seoul

1.5

2.0

Baseline distance in casual condition

4. CONCLUSION
This study examined contrastive hyperarticulation in
two dialects of Korean. We found evidence of global
enhancement of vowels in careful and contrastive
clear speech, i.e., lengthening and peripheralization.
However, the evidence for spectral enhancement of
contrasting vowels seems marginal at best, in line
with previous studies. We found a general trend of a
negative correlation between baseline acoustic
differences in vowel pairs and the degree of
contrastive enhancement across dialects. Exceptions
found are suggestive of its interaction with sound
change.
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ABSTRACT

as those studied by Bladon, Clark & Mickey [1], LeeKim, Kawahara & Lee [5] and Shosted [12].
Regarding its use in southern Chilean Spanish,
little is known beyond Sadowsky & Salamanca’s [11]
observation that it occurs predominantly among
“lower-middle and lower SES female speakers”. 1
With the exception of Sadowsky [9] and Sadowsky &
Perdomo [10], there are no further mentions of UHF
[s͎] in the scientific literature.

A typologically-anomalous whistled /s/ with a
center of gravity (CoG) and/or spectral peak below
4.1 kHz has been described in a handful of languages.
Additionally, in southern Chilean Spanish an ultrahigh-frequency whistled /s/ (UHF [s͎]) with a CoG
over 10 kHz was recently reported. This paper
examines the effects of socioeconomic status (SES)
and gender, as well as phonological context, on the
prevalence and spectral moments of the Chilean UHF
[s͎]. 40 speakers from five SESs were analyzed and
mixed-effects linear regression analyses were
performed. The prevalence of UHF [s͎] shows a
significant direct correlation with both female gender
and lower socioeconomic status. Its kurtosis is stable
across speaker groups. Its CoG increases with female
gender and middle SES, while decreasing in the
highest SES. Its negative skewness, which is
characteristic of this phone, is favored by female
gender and non-upper SES. Lower standard
deviation, also characteristic, is favored by female
gender. The results suggest that UHF [s͎] operates as
a sociolinguistic indicator.

Figure 1: FFT and LPC spectral slices of UHF [s͎]
in the word ‘sentimiento’.

Keywords: UHF whistled /s/, spectral moments,
Chilean Spanish, sociophonetics, language variation.

This paper examines the socioeconomic and
gender stratification of the prevalence and spectral
moment values of UHF [s͎] in speakers from the
Province of Concepción, Chile, with the goal of
shedding light on its origins, spread and social
distribution throughout this population.

1. INTRODUCTION
The ultra-high-frequency whistled /s/ (UHF [s͎])
is a typologically unique phone that was first attested
in Chilean Spanish speakers from the Concepción
Province [11], although anecdotal evidence suggests
a similar phone may manifest sporadically among
certain users of presumably defective or ill-fitting
dental prostheses. Acoustically, the Chilean UHF [s͎]
is characterized by a center of gravity (CoG) above
10 kHz [10, 11], a markedly leptokurtic kurtosis, a
low standard deviation (SD) and negative skewness
[10] (Figure 1). These characteristics make it unlike
any known fricative in Spanish, as well as any of the
whistled fricatives described in other languages, such
1

2. METHODS
The speaker sample consisted of 40 Spanishmonolingual life-long residents of the Province of
Concepción, aged 16-24. A uniform quota sample
was established using two independent social
variables: speaker gender (50% female and 50%
male) and socioeconomic status (SES) (20% per
gender for each of five status levels). SES was
calculated using the EMIS method [8]. The five levels
used (A, B, Ca, Cb and D) can be interpreted as

Translation ours.
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markedly higher in specific groups. The results of the
regression model of the prevalence of UHF [s͎] (Table
2) indicate that all four independent variables
analyzed were statistically significant: gender
(p=1.71×10−19), left phonological environment
(p=9.31×10−14), SES (p=8.47×10−11) and right
phonological environment (p=9.84×10−3).

extreme upper, upper, upper-middle, lower-middle
and lower class, respectively.
Recordings, made at 44.1 kHz and 16 bits with a
Studio Projects C1 large condenser microphone, an
M-Audio FastTrack Pro interface and the Audacity
software package [3], were then selected at random
from the 40-60 minute conversational interview
sections of the Sociolinguistic Corpus of Spoken
Chilean Spanish (COSCACH) [7] until each sample
quota was filled. The first 100 tokens of either the
canonical alveolar [s] or the UHF [s͎] from each
speaker were analyzed. In practice, this meant that
most tokens were located in syllable onset, as coda
/s/ tends to be elided or realized as [h] in Chilean
Spanish.
The 4000 resulting tokens were analyzed
spectrographically and acoustically using the Praat
software package [2]. Measurements were made of
the central 80% of full non-whistled tokens and of the
whistled portion of the remaining tokens, which was
also approximately 80% of their duration. Tokens
with a spectral peak below 8 kHz and a mesokurtic or
platykurtic profile were classified as [s], while those
with a spectral peak above 8 kHz and a leptokurtic
profile were classified as [s͎]. A custom Praat script
discarded tokens presenting any type of coding error
or other anomaly, and then measured the four spectral
moments (CoG, SD, skewness, kurtosis) of each of
the resulting 3686 usable tokens, with a 1 kHz highpass filter, a 15 kHz low-pass filter, a smoothing
factor of 100 and pre-emphasis starting at 1 kHz. An
R [6] script was then used to eliminate extreme
outliers, which were operationally defined as those
whose kurtosis or skewness exceeded the 95th
quantile, as well as cases of /s/ with a left or right
phonological environment that occurred less than 10
times in the entire corpus. In all, 2940 tokens were
included in the present study.
An additional R script calculated the prevalence
and spectral moments of [s] and UHF [s͎]. The results
were then subjected to a series of mixed-effects linear
regression analyses using the Rbrul software package
[4], with gender and SES as social independent
variables, left and right phonological environment as
linguistic independent variables, and word as a
random effect to control for lexical identity and
frequency.

Table 1: Prevalence of alveolar [s] and UHF [s͎] by
gender and SES.

Gender SES
A
B
Female Ca
Cb
D

Male

Total

A
B
Ca
Cb
D

Alveolar
[s]
n %
255 97
267 87
268 85
229 85
254 81
334
262
255
262
304
2690

99
98
94
90
99
91

UHF
[s͎]
n %
9 3
41 13
46 15
42 15
58 19

Total
n
%
264
9.0
308 10.5
314 10.7
271
9.2
312 10.6

4 1
4 2
15 6
28 10
3 1
250 9

338 11.5
266
9.0
270
9.2
290
9.9
307 10.4
2940 100.0

Use of UHF [s͎] is most favored by female gender
(logodds = 0.673) and by lower-middle (Cb), lower
(D) and upper-middle (Ca) SES (logodds = 0.644,
0.320 and 0.285, respectively). Extreme upper (A)
SES, on the other hand, strongly disfavors its use
(logodds = −1.239). With regard to linguistic
variables, UHF [s͎] production is most strongly
favored by the left environments /l/, /n/ and /ɾ/, as
well as by a preceding pause (logodds = 4.836, 4.467,
4.163 and 4.359, respectively). It is very strongly
disfavored by the preceding close vowels /i/ and /u/
(logodds = −15.072 and −13.507). In the right
phonological environment, all vowels but /u/
strongly favor the production of UHF [s͎] (logodds =
5.785 or higher), while /u/ and a trailing pause very
strongly disfavor it (logodds = −12.411 and −11.197).
3.2 Spectral moments of UHF [s͎]
Kurtosis is probably the spectral moment most
responsible for the whistled quality of UHF [s͎], given
that the concentration of energy that its high values
entail is characteristic of whistled sounds in general,
while also being the feature that differs most between
this phone and the non-whistled alveolar [s]: as has
been previously observed [10], [s] is platykurtic or
mesokurtic, while UHF [s͎] is leptokurtic. The
regression analysis (Table 3) indicates that only the
left
phonological
environment
significantly
influences the kurtosis of UHF [s͎] (p=6.51×10−4): the

3. RESULTS AND DISCUSSION
3.1 Prevalence of UHF [s͎]
UHF [s͎] accounted for 9% (250) of the 2940
tokens analyzed (Table 1), making it a relatively
infrequent allophone of /s/ in the speaker sample as
a whole. However, its relative frequency was
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most leptokurtic tokens are produced after /o/
(coef = 0.611), followed by /n/ and /ɾ/ (coef = 0.383
and 0.283, respectively).

favors a lower CoG (coef = −388.3 Hz). These results
generally mirror those of prevalence and kurtosis,
suggesting that the factors which favor the use of
UHF [s͎] co-vary with those that produce more
prototypically UHF whistled realizations.

Table 2: Mixed-effects linear regression model of
the variation in the prevalence of UHF [s͎].
Total n
df
Intercept
Factor
Gender (p=1.71×10−19)
Female
Male

Logodds

2490
20
−12.332
n

0.673
−0.673

1469
1471

Left environment (p=9.31×10−14)
l
4.836
n
4.467
##
4.359
ɾ
4.163
o
3.777
a
3.600
e
3.377
u
−13.507
i
−15.072

55
256
337
146
598
647
670
38
193

SES (p=8.47×10−11)
Cb
D
Ca
B
A

561
619
584
574
602

0.644
0.320
0.285
−0.010
−1.239

Right environment (p=9.84×10−3)
o
6.086
a
5.897
e
5.840
i
5.785
##
−11.197
u
−12.411

Table 3: Mixed-effects linear regression model of
the variation in the kurtosis of UHF [s͎].
Total n
df
Intercept
Factor Coefficient
n
Left environment (p=6.51×10−4)
o
0.611 103
n
0.383
76
ɾ
0.283
44
l
0.045
22
e
−0.126
87
##
−0.273
87
a
−0.329 104
i
−0.594
22

545
19
1.87
�
𝑿𝑿

2.351
2.095
2.118
1.880
1.696
1.542
1.568
1.235

As to phonological factors, the left environments
/ɾ/ (coef = 240.4 Hz) and /n/ (coef = 117.1 Hz)
favor a higher CoG, while /a/ (coef = −242.0 Hz)
and /e/ (coef = −139.7 Hz) favor a lower one. Right
environment does not have a statistically significant
effect on CoG. With regard to skewness, Sadowsky
& Perdomo-Pinto [10] found that [s͎] is characterized
Table 4: Mixed-effects linear regression model of
the variation in the CoG of UHF [s͎].

403
543
1077
826
30
61

Total n
df
Intercept

At the other extreme, leptokurtic tokens are
disfavored after /i/, /a/ and /e/ (coef = −0.594,
−0.329 and –0.126, respectively), as well after a
pause (coef = −0.273). Neither right environment,
gender nor SES have a statistically significant effect
on kurtosis. This lack of sensitivity to speaker group
and following environment further points to kurtosis
as being a prototypical feature of UHF [s͎].
The CoG of UHF [s͎] is what makes it ultra-high
frequency. Its mean value is 10,215 Hz. The
regression model of its variation (Table 4) shows a
high degree of overlap with the independent variables
that influence the prevalence of this phone. Thus
female gender, which favors a higher prevalence of
UHF [s͎], also favors a higher CoG (+400.7 Hz), as
do upper-middle (Ca) and, to a much lesser extent,
lower (D) SES (coef = +426.3 Hz and +69.4 Hz,
respectively). Contrarily, the extreme upper SES (A)
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Factor Coefficient
Gender (p=1.7×10−16)
Female
400.692
Male
−400.692

470
75

SES (p=8.06×10−9)
Ca
D
B
Cb
A

132
113
90
195
15

10,848
10,550
10,478
10,323
9,910

Left environment (p=8.73×10−3)
ɾ
240.421
44
n
117.115
76
o
56.041 103
l
53.288
22
i
4.557
22
##
−89.715
87
e
−139.740
87
a
−241.967 104

10,661
10,643
10,605
10,593
10,504
10,571
10,389
10,295

426.265
69.391
−16.939
−91.307
−388.310

n

545
19
10,116
� (Hz)
𝑿𝑿
10,620
9,830

The fact that UHF [s͎] prevalence is highest in the
lowest SES, D, does not necessarily call into question
the much-observed tendency for sociolinguistic
changes to arise in interior SESs, because there is an
additional SES, extreme lower (E), which could not
be included due to its relative rarity (less than 5% of
the Chilean population) and the major challenges
accessing it poses. That said, very few sociolinguistic
studies include an SES below “working class” or
lower (D), and thus the present investigation may
indeed have found evidence of a sociolinguistic
change apparently initiated by an SES below the
groups which typically do so.

by negative values, which is confirmed by the present
study: all genders, SESs and environments have a
negative skewness. More extreme negative skewness
is favored mainly by lower (D) and upper-middle
(Ca) SES (coef = −0.137 and −0.050, respectively);
by preceding /ɾ/ (coef = −0.181), /o/ (coef =
−0.101) and /n/ (coef = −0.059); and by a following
/o/ (coef = −0.137) and /u/ (coef = −0.050).
Notably, skewness differs from prevalence, kurtosis
and CoG in that the gender correlation of the
prototypically UHF whistled trait (a negative value in
this case) is inverted: female gender disfavors it
(coef = 0.124). This may indicate that skewness is of
little perceptual salience to this phone’s UHF and/or
whistled qualities. The regression model for SD
indicates that a lower value for this spectral moment,
which is considered typical of UHF [s͎] by Sadowsky
& Perdomo-Pinto [10], is favored by female gender
(coef = −170.874), and to a lesser extent by extremeupper (A) SES (coef = −86.837). This latter result,
while relatively weak, does go against the trend of the
highest SES disfavoring the prototypical traits of [s͎].

Figure 2: Prevalence of UHF [s͎] by gender (color;
white=females, gray=males) and SES (x-axis;
highest is leftmost).

4. CONCLUSIONS
The multiple correlations that were found between
speaker gender and/or SES, on the one hand, and the
prevalence and most spectral moment values of UHF
[s͎], on the other, strongly suggest that this phone’s
appearance in southern Chilean Spanish was due to
sociolinguistic factors. Its prevalence offers perhaps
the best illustration of this (Figure 2). The fact that
UHF [s͎] occurs with far greater frequency in female
speakers than in male ones suggests that it is a
prestige-driven linguistic innovation, as per current
sociolinguistic theory. Likewise, the fact that female
speakers belonging to the extreme upper (A) SES use
it the least, while also manifesting the lowest (least
prototypical) CoG values when they do produce it,
would seem to suggest that the prestige likely driving
this change in the other SESs is, in fact, covert
prestige. This may indicate that extreme upper (A)
SES females are to some degree aware of the
existence of [s͎] and have stigmatized it. There is no
indication, however, of any such awareness in the
other SESs, which points to this process being one of
change from below.
The linear, monotonic distribution of UHF [s͎]
prevalence rates among female speakers, which
increase as SES decreases, suggests that this
innovation first occurred in lower (D) SES women
and spread upward in the socioeconomic hierarchy
over time, until being rejected almost completely by
the extreme upper (A) SES. It remains to be seen
whether the adoption of UHF [s͎] by female speakers
is still ongoing, or if it has stabilized.

The fact that only two groups of males (uppermiddle (Ca) and lower-middle (Cb) SES) use UHF
[s͎] more than sporadically suggests that this change
is still in progress among them. While the prevalence
of this phone in male speakers need not ever reach the
levels exhibited by females, it would be unsurprising
if upper (B) and lower (D) SES men’s use of UHF [s͎]
increased sufficiently to parallel the prevalence rates
of female speakers belonging to these same SESs.
It is noteworthy that the prevalence of UHF [s͎] in
male speakers belonging to these two middle-class
SESs neatly mirrors the rates of females of the same
SESs. This further supports the idea that the adoption
of this phone is driven by prestige.
Finally, in addition to further exploring the
influence of social variables on the acoustic
characteristics and distribution of UHF [s͎], future
research should focus on determining precisely how
this phone is produced. Given that it is apparently
unique, logic dictates that its manner of articulation
must be a new, previously unattested one.
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Although the perception of vocal attractiveness in western
societies is relatively well understood, there is much less
production data available, let alone from non-Western
populations. To the best of our knowledge, to date there is no
production study on vocal attractiveness in Cantonese. This
study serves to fill this gap. While perception studies are useful
for identifying the effect of individual acoustic cues, production
data are essential as they show how these cues interact in
everyday speech. In addition, production data can shed light on
individual variability, which is increasingly important with the
emergence of statistical tools capturing speakers as a random
factor.
Based on the studies reviewed above (e.g. [1]), we expected
that female Cantonese speakers would use vocal strategies to
signal a small body size when addressing an attractive male, but
they might also be creaky like their American counterparts. The
prediction of creakiness is based on two reasons: (i) we tested
well-educated young women in Hong Kong where the influence
of western (including American) culture is prevalent, and (ii)
the effect of voice quality in neutralizing one’s projected body
size was also observed in female English listeners’ preferences
in a male voice [1]. Therefore, in this study we test the
following hypotheses (see Table 1):

Abstract
This paper presents a production study investigating the vocal
strategies of Cantonese women when addressing an attractive
vs. unattractive male. We recruited 19 young female native
speakers of Hong Kong Cantonese who completed an
attractiveness rating task, followed by a production task where
they were presented a subset of the same faces. By comparing
the rating results and corresponding acoustic data of the facial
stimuli, we found that when young Cantonese women spoke to
an attractive male, they were less breathy, lower in pitch, and
with denser formants. Participants who were more satisfied
with their own height used these vocal strategies more actively.
These results are discussed in terms of the body size projection
principle.
Index Terms: Cantonese, vocal attractiveness

1. Introduction
Voice and perceived physical attractiveness are closely related
(e.g. [1]). It has been reported that physical attractiveness leads
to advantages in situations such as dating [2] and is associated
with more social support [3]. While one’s face cannot be easily
altered at least in the short run, adjusting voice is an
immediately possible alternative. Apparently, much of what is
known about vocal attractiveness may be explained by the
principle of body size projection [4], which is also central to
other phenomena such as animal calls. Therefore, a good
understanding of vocal attractiveness is of practical, social, and
theoretical importance.
The acoustic correlates of an attractive voice have been
extensively studied in recent years. In languages that have been
surveyed to date, vocal attractiveness seems to be neatly
accounted for by the body size projection principle [4]. To male
English listeners, an attractive female voice is high in pitch,
breathy, and with wide formant dispersion, all of which signal
a small body; to female English listeners, an attractive male
voice (i) is low in pitch and (ii) has narrow formant dispersion,
both signaling a large body, and (iii) is also breathy, signaling
a smaller body [1]. Comparable perception studies on nonWestern populations include Japanese [5] and Mandarin [6],
which demonstrated cross-linguistic variations in the acoustic
cues to an attractive voice. Findings of production studies (e.g.
[7], [8]) agreed with those of perception studies in general. Even
though creaky voice, which signals a large body size, is
increasingly common among American female speakers, there
is evidence that it is considered less attractive than a normal
speaking voice [9], thus lending further support to the apparent
universality of body size projection in vocal attractiveness.
Although female English listeners’ preference for a breathy
male voice might appear to contradict this principle, it was
suggested that breathiness may serve to neutralize otherwise
aggressive-sounding male voice [1].

Table 1: Working hypotheses tested (prediction for the
attractive facial stimulus condition)
Acoustic correlate Hypothesis
H1
H1-A1
Decrease
H2
H1-A3
Decrease
H3
Formant disp.
Increase
H4
Median pitch
Increase
H5
Jitter
Increase
H6
Shimmer
Increase
H1 and H2 are related to the use of breathy voice. As the
decrease in energy at higher frequencies from the first harmonic
is the greatest for breathy voice and the least for creaky voice
(see review in [10]), we expect to see decreased H1-A1 and H1A3 in the attractive face condition. Formant dispersion (H3) is
inversely related to vocal tract length, thus in the attractive face
condition we expect to see more dispersed formants to project
a shorter vocal tract. Finally, while there are different types of
creaky voice [11], each with its own acoustic properties, as
working hypotheses (H5 and H6) we hypothesised that
Cantonese women would exhibit more cycle-to-cycle
variability in the attractive face condition, thus increased jitter
and shimmer.
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a questionnaire to gather information on participants’ height
and how satisfied they were about it. There were four questions
in the questionnaire: (1) ‘How tall are you?’, (2) ‘On a scale of
1 to 10, how satisfied are you about your own height?’, (3) ‘If
you are not satisfied, how much taller / shorter would you like
to be (in centimeters)?’, and (4) ‘What are you doing to address
your unsatisfactory height (e.g. wearing high heels)?’. All
participants except one responded (i.e. N = 18). Based on their
response, participants were then classified in terms of how
satisfied they were about their height, namely (H)ighly
satisfied, (M)oderately satisfied, and (L)east satisfied. There
were six participants in each category.

2. Methods
2.1. Participants
Nineteen women participated in this study. They were all
recruited in Hong Kong, speaking Cantonese as their first
language, and university-educated. They aged between 19 and
25, and self-identified as heterosexual. All of them also spoke
English and Mandarin as second languages. Their mean height
was 159.4 cm (SD ±4.4). Participation was voluntary and no
one received any monetary remuneration. No one reported any
(history of) speech and hearing impairment.
2.2. Warm-up task
This study comprised three tasks: warm-up, facial
attractiveness rating, and production task. All tasks were
completed in the same session in a quiet room on university
campus. Participants were recorded using a Logitech H340
microphone at a sample rate of 44.1 kHz.
During the warm-up session, participants were asked to say
the semantically neutral utterance 你好啊，你讀咩科嫁？
‘Hello. What is your major?’ three times without being
presented any visual stimuli. The purpose of this task was to
familiarise the participants with main production task, which
will be described in §2.4.

3. Results
We set out to test six hypotheses (see Table 1) to examine
whether Cantonese women project a small body when
addressing an attractive male. Results are shown in Figure 1,
where attractive (A) and unattractive (U) facial stimuli are
compared (coral and turquoise respectively) for each acoustic
correlate of vocal attractiveness. The X-axis of Figure 1
represents how much speakers were satisfied with their own
body height (converted into the three categories H, M, L, with
H being the most satisfied).
For voice quality, H1-A1 was higher for unattractive
stimuli, indicating more use of breathiness when participants
spoke to an unattractive face; the same was true for H1-A3.
Cantonese women also appeared to lengthen their vocal tract
with denser formants in the H condition, thus projecting a larger
body. Similarly, participants’ median pitch was lower in the H
condition. In terms of creakiness, participants showed higher
jitter but lower shimmer in the H condition.

2.3. Facial attractiveness rating
Fifty different male facial stimuli were used. Forty of the faces
were relatively attractive Asian male celebrities, which
included masculine and feminine faces. East Asian celebrities
from Hong Kong, Korea, Japan, and China were used as their
features are more familiar to our participants (cf. [12] but note
[13]). The remaining stimuli were relatively less attractive male
faces. All stimuli were publicly available images obtained from
the Internet.
Participants were asked to rate the attractiveness of these 50
faces on a 1 ~ 10 scale (10 = most attractive) and write down
their response on an answer sheet. They were told to base their
ratings purely on how much they were attracted to each face,
and to ignore any past knowledge of the respective males or
experience they might have with people of similar appearances.
Stimuli were presented in a randomised order in Microsoft
Powerpoint slides.
2.4. Production task
Based on the ratings from §2.3, for each participant the five
most attractive and five least attractive faces were used as target
stimuli in a subsequent production task. In the event of faces
with the same rating, those that were presented later in §2.3
were chosen. Each face was presented three times on separate
occasions in random order. Participants were instructed to
imagine themselves in a classroom setting, and that the male
face was of a classmate sitting next to them. Participants were
then to ask the male classmate 你好啊，你讀咩科嫁？ ‘Hello.
What is your major?’. From each participant, 30 utterances
were recorded. Recordings were subsequently analyzed using
ProsodyPro [14] (ver. 5.7.2), which allows manual checking of
vocal pulses and automatically extracts numerous acoustic
measurements, as will be presented below.
2.5. Post-hoc interview
Preliminary data analysis revealed a bimodal distribution which
was seemingly related to participants’ height. Specifically, we
seemed to observe that taller participants seemed to behave in
the opposite direction from the rest. To verify this, we sent out
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Figure 1: Boxplots comparing acoustic correlates of
projected voices in attractive vs. unattractive facial
stimulus conditions.

M
L

-0.781
-0.787

-1.773
-0.253

18.349
24.565

-0.020
-0.016

4. Discussion

Initial analysis based on Pearson’s r revealed substantial
individual variability in vocal strategies. Therefore, for each
acoustical parameter in Figure 1, we fitted a linear mixed effects
model using the lme4 package in R [15] (ver. 1.1-18-1) to model
by-speaker variations. Model summaries are shown in Table 2.
All models contained the continuous predictor of Rating (of
male facial stimuli). In some models, we also included the
interaction between Rating and Desire (i.e. desired change in
height, see Question 3 in §2.5), which appeared to be a good
heuristic of the individual variation in the initial analysis. No
other manipulation of the data was performed. All models
included by-speaker and by-item random intercepts; most also
included by-speaker random slope for Rating (except for
shimmer, in which model including the random slope for Rating
would lead to non-convergence). A fixed effect is considered
significant if the absolute value of the t-statistic is greater than
or equal to 2.0 [16].
Table 2 shows that there was a significant main effect of
Rating on all acoustical correlates of vocal attractiveness
analysed (t > 2.0). This indicates that, after taking into account
by-speaker variation, in general an attractive male face elicited
significantly less breathiness (lower H1-A1 and H1-A3), longer
vocal tract (denser formant dispersion), lower fo (median pitch),
less regular cycle-to-cycle variation in fo (higher jitter) but more
regular cycle-to-cycle variation in amplitude (lower shimmer).
In addition, there was a significant interaction between Rating
and Desire in all voice quality-related measurements. It can be
seen in Figure 1 and Table 3 that the contrast between H and L
faces in terms of acoustic correlates were bigger for speakers
who are satisfied with their own height (in bold in Table 3).

This study explored how Cantonese women projected their
voice when speaking to an attractive vs. unattractive face.
Results showed that, in the attractive face condition, most
acoustic cues pointed to a larger body size. Participants were
significantly less breathy in the attractive condition, supporting
H1 and H2. In terms of vocal tract length, participants showed
narrower formant dispersion in the attractive condition,
signaling a larger body, rejecting H3. Their median fo was also
significantly lower when addressing an attractive face, thus
rejecting H4. For creaky phonation, in the attractive condition
there was greater jitter but smaller shimmer, thus supporting H5
but not H6. For all voice quality-related measurements, there
was a significant interaction between facial attractiveness rating
and desired change in body height.
As mentioned in §1, male English listeners judged smallsounding acoustic cues to be more attractive [1], so even with
cross-linguistic variation one would have expected Cantonese
women to at least use some small-sounding cues in their
production. Unexpectedly, in our data participants seemed to be
always trying to project a large-sounding voice when speaking
to an attractive face, unlike what the body-size projection
account would have predicted. This is reminiscent of the
prevalent use of creaky voice by female American speakers,
despite that creakiness is considered unattractive [9]. The case
of creaky voice in American female speech shows that speakers
do not necessarily use vocal strategies that listeners consider
attractive – knowingly or otherwise; as for Cantonese, as there
is no comparable perception data available, it is unclear whether
the large-sounding cues used by our female speakers are
attractive to the local population. Another conceivable
speculation is that speakers were taking into account social
factors (classroom setting with friends nearby, interlocutor
being a classmate), such that they deliberately avoided
sounding ambitious in front of an attractive potential mate. This
speculation, needless to say, needs to be carefully verified.
In our initial analysis, we had the impression that speakers’
height might affect their vocal strategies – this was confirmed
in Table 3. For all voice quality-related acoustic cues,
participants who were satisfied with their own height
manifested a larger contrast between the attractive and the
unattractive stimulus conditions. Our data thus seem to suggest
that although female Cantonese speakers have the same set of
vocal strategies for attractive vs. unattractive mates, it is those
who are confident in their own height that are using them more
actively.
Participants in this study were well-educated young women
who had been exposed to western culture since a very young
age. They also spoke fluent English and Mandarin as second
languages. This group of speakers thus represents only a subset
of the local population. Future studies should look at other
groups of speakers in the community, such as older
monolingual speakers. Another potentially interesting factor to
investigate would be the effect of menstrual cycle on speech
production. To the best of our knowledge, to date there is only
preliminary data on how the menstrual cycle affects voice
quality in Cantonese women [17]. Understanding how
physiological factors interact with vocal attractiveness would
shed new light on this issue. Finally, it would also be useful to
verify the present findings with articulatory data, such as
electroglottography.

Shimm. Jitter

fo F1-F3 H1-A3 H1-A1

Table 2: Model summaries for different acoustic correlates
(significant fixed effects are in bold).
Random effects
Fixed effects
SD
β
SE
t
Item Part’t
(Intercept)
8.205
.940 8.733 .430 3.927
Rating
-.411
.119 -3.462
.310
Rating:Desire .056
0.021 2.642
(Intercept)
29.076 1.217 23.897 .430 5.163
Rating
-.435
.135 -3.223
.393
Rating:Desire .055
.022 2.489
(Intercept)
968.015 21.400 45.235 .000 89.727
Rating
-8.909 2.179 -4.088
8.377
(Intercept)
.029
.001 21.915 .000
.005
Rating
-.001
.000 -4.218
.001
(Intercept)
1538.590 37.417 41.120 23.200 154.810
Rating
42.467 5.411 7.849
15.460
Rating:Desire -1.942 .900 -2.157
(Intercept)
.823
.036 23.012 .000
.144
Rating
-.015
.003 -4.692
Rating:Desire .001
.001 2.011
Table 3: Summary of differences (attractive less unattractive
facial stimuli) in each acoustic correlate by speakers’
satisfaction in their own height (H being the most satisfied).
Attractive less unattractive facial stimuli
H1-A1
H1-A3
Jitter
Shimmer
H -2.308
-2.627
27.447
-0.025
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5. Conclusions

[17]

This paper has found that young Cantonese women projected a
large-sounding voice when speaking to an attractive male face.
This seems to disagree with the widely held body size
projection principle which states that an attractive female voice
is small-sounding. We also found that women who were
confident in their own height adjust their voice more actively
depending on the attractiveness of their mates. Further
investigation is needed to understand the relationship between
the present findings and those observed in other languages.
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ABSTRACT

at the time they occur [1]. Hypotheses concerning
these effects were formed based on the physiological
changes predicted by the CPM for different results
of these SECs and their possible effect on phonation, while also considering phonatory patterns observed in acted emotions, since such portrayals often
build on representations of spontaneous emotional
reactions. Phonatory variation was quantified in two
ways: we determined phonation type manually, after
which acoustic measurements were carried out on the
modal parts of the analysed vowels. The two acoustic measures taken were fundamental frequency (f0)
and the difference between the first two harmonics
(H1-H2). H1-H2 is a measure well-suited to describe
the degree of glottal constriction [12] as it correlates
highly with the Open Quotient (OQ) [28], the proportion of a glottal cycle in which the glottis is open
[9]. Higher values of H1-H2 would suggest a more
breathy phonation, while low values indicate irregular phonation.

This paper1 aims to describe how phonation changes
during emotion-inducing stimuli. 34 Hungarian
speakers (17 female, 17 male) were asked to compete in a simple computerised guessing game, using
voice commands to proceed after faced with the result of their guess. We expected that acoustic measures taken on these voice commands differ based on
two affective components: goal conduciveness (successful or unsuccessful result) and discrepancy from
expectations (unexpected or expected result based on
the uncertainty of the guess).
According to the results, only female subjects show
phonatory variation as a result of varying emotional
states: their fundamental frequency is higher at unexpected game events and their phonation is less
breathy (lower H1-H2) at unexpected, unsuccessful events. Both of these changes can be caused by
higher muscle tension in unexpected, unsuccessful
situations and lower tension when experiencing goal
conducive, expected events.

1.1. The effect of discrepancy from expectations

Events can be appraised as consistent to or discrepant
from the organisms expectations, in other words,
events can be expected or unexpected. Novel, unexpected stimuli can lead to a so called orienting
response (OR) [29], which is characterized by increased muscle tension [17]. When the subject experiences stimuli that is discrepant from their expectations, the occurrence of such ORs could lead
to changes in speech such as increased longitudinal tension of the vocal folds, resulting in higher f0
(as predicted in [11]). This would be in line with
high f0 values in the portrayal of surprise (see [2]
for Hungarian, [23] for an overview). Since both
of the nonmodal phonation types we analysed can
be characterized by low tension in some of the laryngeal muscle groups (for breathy phonation, weak
longitudinal tension, for irregular phonation, weak
medial compression), increased muscle tension when
experiencing discrepant events would mean that these
nonmodal phonation types are unlikely to occur, and

Keywords: emotion, phonation, appraisal, emotion
regulation
1. INTRODUCTION
According to appraisal models of emotion (e.g.
[16, 19, 25]), behavioral and physiological reactions
to affective stimuli are a result of cognitive appraisal
of the stimuli. Appraisal is described by the Component Process Modell (CPM, [25]) as a process consisting of several subsequent Stimulus Evaluation
Checks (SECs). The result of these steps of evaluation determines the emotional state and physiological
reactions of the organism. In this study, two such
SECs, goal conduciveness and discrepancy from expectations were manipulated in a computer game,
with the aim to describe their effect on vocal fold
vibration. Speech was acquired during voice commands controlling the game, resulting in utterances
that could capture the induced emotional effects right
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less nonmodal-like acoustic characteristics would be
expected to be measured.

lead to a less frequent occurrence of nonmodal
phonation types, higher f0, and higher H1-H2
relative to the subjects’ emotionally neutral
speech.
Apart from assessing the effect of goal conduciveness, discrepancy from expectations and gender, the
effect of syllable number was also analysed.

1.2. The effect of goal conduciveness

Organisms also evaluate how events could affect their
chances to attain their current goals or needs. If an expected event is conducive to the goals of the organism,
this could lead to a state of comfort and rest behavior,
characterized by balanced muscle tone and relaxed
respiration [24, 11]. Similar effects seem to appear
when speakers are asked to portray contentment, an
emotional state highly resembling these results of
stimulus evaluation. This emotion is expressed with
low f0 and there is a frequent occurrence of nonmodal phonation types: for females, phonation shifts
towards irregular, while for males, breathy phonation
becomes more frequent [2]. These effects could be
both caused by relaxation of different muscle groups.
For females, relaxation could result in weak longitudinal tension of the vocal folds, while for males,
there could be a decrease in medial compression.
Goal obstructive game events can be further categorized based on how likely the organism is to cope
with the obstructive events’ consequences. In our
case, this was the likelihood of the participant still
getting a good final score in the game, which was
possible, but harder to reach after every unsuccessful
result. Therefore, we treated goal obstructive events
as having moderate coping potential. Such obstructive events could lead to the activation of the sympathetic branch of the nervous system, to increased
muscle tension [30], and thus phonation could be
characterized by higher f0 and intensity (as predicted
by [11] and observed in [10]). As in the case of unexpected stimuli, nonmodal phonation types would not
be likely to occur, and less nonmodal-like acoustic
characteristics would be expected to be measured.

2. METHODS
A simple card game was developed in JavaScript,
following the general experimental design described
in [27], while we also made several methodological
changes to the original game. In the game, participants had to guess whether an upcoming card would
have a higher or lower value than the previous card.
On the monitor in front of them, participants saw
a row of six cards. At the beginning of each row,
every card except the first was upside down, and the
participants were asked to guess whether the next
card’s value will be higher. Guessing was executed
using the voice commands alacsonyabb ‘lower’ and
magasabb ‘higher’ (these voice commands will be
analysed in a separate study). After guessing, the relevant card was turned, and if the participant guessed
right, (s)he could go on to the next card in the row.
Knowing that the numbers ranged from 2 to 10,
and cards that have already appeared in the row can
not appear again, participants could easily estimate
the probability of the upcoming card’s value being
higher or lower than the previous one. For example,
if the first card’s value was 8, the rational choice for
the participant would be “lower”, because the number
of cards containing lower values (2, 3, 4, 5, 6, 7) than
the previous card (8) is higher than the number of
cards with values lower than that (9, 10).
To establish if the result of the guess was discrepant
from the participant’s expectations, we had to evaluate the potential of the participant to cope with a
guess (coping potential, cp). For this purpose cp
was calculated using the equation below. cp takes its
maximum, 1, when the probability of the upcoming
card’s value being higher equals either 1 (the card’s
value will certainly be higher) or 0 (the value will
certainly be lower). Therefore cp = 1 means that the
subject can be absolutely certain while making that
decision. If there is an equal chance of the value
being higher or lower, meaning the participant faces
a totally random decision, cp equals 0.

1.3. Hypotheses

Hypotheses concerning phonation type frequency
were formed with respect to frequency in the first
two vowels of the voice commands, whereas hypotheses concerning acoustic measurements (f0, H1-H2)
were formed with respect to the modal parts of those
vowels.
• Goal conducive game events that are congruent
with the subjects expectations lead to a more frequent occurrence of nonmodal phonation types,
lower f0, lower H1-H2 for females and higher
H1-H2 for males relative to the subjects’ emotionally neutral speech.
• Goal obstructive game events and events discrepant from the subjects’ expectations both

cp = 2 ∗ |phigher − 0.5|
A successful result after a decision with low cp or
an unsuccessful result after a decision with high cp
was considered to be discrepant from expectations
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Table 1: Determining the discrepancy from expectations variable

low cp (cp<0.5)
high cp (cp≥0.5)

conducive
discrepant
congruent

der, syllable number and their interactions on f0 and
H1-H2, with random intercepts for subject. p-values
were obtained with the lmerTest package [14], which
uses the Satterthwaite’s method of approximation for
degrees of freedom. Since three different dependent
variables (phonation type, f0, H1-H2) were used to
test the same effects, we modified the alpha level to
account for three tests using Bonferroni correction to
α = 0.017, as suggested by [22].

obstructive
congruent
discrepant

and vice versa (see Table 1). If the guess was correct,
the participant then needed to make the same decision
about the value of the next card and so on, until (s)he
got to the end of the row of cards (this is referred to
as one sequence). If the guess at any point was incorrect, the participant had to to move on to the next
sequence. Before the new sequence started, the participant was required to utter haladjunk /h6l6é:uNk/
‘go on’. After the participants completed 5 sequences
for familiarization, 32 sequences per participant were
displayed in a random order, with a break after the
16th sequence. After the game was over, 5 repetitions
of the voice command were read to acquire realizations in an emotionally neutral baseline condition.
Recordings were made in a sound-treated room
using a Laryngograph Ltd. EGG-D200 electroglottograph, capturing acoustic and vocal fold contact
area signals simultaneously. The recordings were automatically segmented using the BAS web services
G2P [21] and MAUS [26], after which the segmentation was manually corrected. Both the segmentation
and labeling of phonation types and acoustic measurements were carried out on the first two vowels of
the target word /h6l6é:uNk/. Phonation type was determined based on audiovisual inspection of oscillographic, spectrographic and EGG signals, according
to the acoustic descriptions and laryngograms in [15].
Mean f0 and H1-H2 were measured on the acoustic signal, on the modal part of the vowels in Praat
[3]. For the estimation of f0, we used gender-specific
f0-ranges suggested by [6] (100-300 Hz for females,
70-250 Hz for males). H1-H2 was calculated as the
difference between peak amplitudes measured within
a ± 10% frequency interval around the estimated
harmonic frequency as in [5].
Altogether 36 Hungarian speakers were recorded.
Two participants were excluded from the analysis
due to possibly pathological phonation (nonmodal
phonation in more than 50% of the duration of the
analysed syllables). Therefore, speech of 34 subjects
(17 female, 17 male, aged 18-35 years, mean age =
23 years) was analysed.
Statistical analyses were carried out in R [20]. The
effect of discrepancy and conduciveness on the frequency of modal vs. nonmodal phonation types was
assessed using Chi-Square tests. Separate linear
mixed effect models were fitted to independently
assess effects of discrepancy, conduciveness, gen-

3. RESULTS
Altogether 2610 realizations of the vowel /6/ were
analysed in 1305 voice commands.
3.1. Frequency of phonation types

We found a significant effect of conduciveness (χ²
= 55.88, p < 0.001) and discrepancy (χ² = 51.62, p
< 0.001) on the frequency of phonation types. However, as it can be seen in Fig. 1, this effect can be
mainly attributed to differences between the baseline
condition and the experimental conditions (nonmodal
phonation being generally more frequent during the
experiment), while apparently there is no difference
between the two experimental conditions.
Figure 1: Frequency of modal vs. nonmodal
phonation types as a function of discrepancy from
expectations, goal conduciveness and gender.
conducive obstructive
female

phonation
modal
nonmodal
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50
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discrepancy
3.2. Fundamental frequency

We found a singificant interaction effect of conduciveness, discrepancy and gender on f0 [F(1, 2082) =
5.88, p < 0.017]: as it can be seen in Fig. 2, while
males showed no systematic variation as a function
of conduciveness or discrepancy, females had higher
f0 when experiencing discrepant, conducive stimuli
than in the baseline condition, and events that were
consistent with their expectations lead to f0-lowering.
This effect was stronger in goal conducive situations
than in goal obstructive ones.
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pectations and goal conduciveness were explored using a computerized card game for emotion induction.
We measured two acoustic parameters characterizing
phonation and the frequency of modal vs. nonmodal
phonation types on the voice commands that were
used to control the game.
Although we found no difference in the frequency
of phonation types between different results of the
manipulated SECs, significant interaction effects of
gender, discrepancy and conduciveness were found
on the acoustic parameters measured on the modal
parts of the voice commands. This could mean that
emotions induced in this highly controlled, laboratory
setting lead to subtle phonatory changes. The interaction effects of the two manipulated SECs and gender
for both acoustic measures indicate that emotional
reactions can only be captured in female speech. This
could be explained by differences in the degree of
emotional reactivity and emotion regulation between
genders. Apart from the lay belief that females tend
to be more emotional [7], several studies using physiological measures of emotional arousal and attention
suggest that females are more reactive to emotional
stimuli than males [4, 7, 13, 18].
We found that for females, f0 is higher when facing
game events that are discrepant from expectations,
while congruent events lead to a decrease in f0. This
effect is likely to be caused by increased muscle tension when facing unexpected, discrepant stimuli and
decreased tension in case of expected events [11].
The effect is stronger in case of relaxation at goal
conducive events.
We also found a lowering of H1-H2 values for discrepant, obstructive and congruent, conducive events
in the phonation of females. H1-H2 lowering indicates a shift from females’ habitually breathy phonation [8] to a more modal one, as a result of the predicted increase in overall muscle tension [11]. In
the case of conducive, congruent events, low H1H2 together with the low f0 measured in this condition could mean that in this case, H1-H2 lowering
does not simply indicate a more modal phonation,
but rather a shift towards a more irregular phonation
caused by relaxation, similarly to the frequent occurrence of irregular phonation when Hungarian females
express contentment [2].

Figure 2: Mean f0 (Hz) with 95% confidence interval as a function of discrepancy from expectations,
goal conduciveness and gender.
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3.3. Difference of the first two harmonics

We found a singificant interaction effect of conduciveness, discrepancy and gender on H1-H2 [F(1, 2085)
= 9.743, p < 0.01]: as it can be seen in Fig. 3, again,
males showed little to no systematic variation, just
a general raise in H1-H2 values in the manipulated
(in-game) conditions relative to the baseline. For females, opposing effects of discrepancy were found
for goal conducive and goal obstructive events: there
was a lowering of H1-H2 values for discrepant, obstructive and congruent, conducive events, whilst in
the other two conditions (discrepant, conducive and
congruent, obstructive) values were similar to the
baseline condition.
Figure 3: Mean H1-H2 (dB) with 95% confidence
interval as a function of discrepancy from expectations, goal conduciveness and gender.
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This paper aimed to describe how different results
of stimulus evaluation could lead to emotional reactions observable in phonation. The effects of two
Stimulus Evaluation Checks, discrepancy from ex-
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be clearly discriminated. Smiling and laughing may
share several functions but they are often considered
as distinct categories rather than gradual differences
of the same category. Moreover they can be
distinguished in the way of production, and in
perception when smiling is combined with speech.
Since the main function of laughter seems to
generate social bonding it primarily occurs in social
interaction. "Is the other laughing with me or at me?"
is probably the most important question for the
interpretation of laughs in every-day interaction.
Laughter can be used for social inclusion as well as
social exclusion.
As laughter is a high-frequent vocalisation in
every-day conversation with a communicative load it
is not surprising that phonetic aspects of laughing
have attracted researchers outside mainstream
phonetics, e.g. from psychology [2, 3, 4, 21], clinical
neuroscience [16], signal processing [20, 32] or
conversation analysis [8, 11, 13].
The following sections are devoted to phonetic
descriptions of varying laughter forms and data
elicitation before presenting three examples where
laughter is key also for linguistic phonetics.

ABSTRACT
Laughing is a phonetic activity that is often
observable in spontaneous discourse. Forms of
laughter go far beyond a "haha"-like vocalisation with
a great variability regarding duration, fundamental
frequency, voice quality, and intensity. In contrast to
common belief that laughter has nothing to do with
linguistic aspects of phonetics there is evidence that
laughter can be strongly tied to linguistic structure,
e.g. in speech-laughs or as discourse markers for topic
termination or as shared vocalisation in turn
transitions. Based on data of conversational corpora
we argue that laughter plays an important role also for
phonetics and that it deserves more detailed research
from the perspective of production, acoustics, and
perception.
Keywords: laughter, interaction,
speech, non-verbal vocalisation

spontaneous

1. INTRODUCTION
Research investigating the production, acoustics and
perception of laughter is still rare. This is striking
because laughter occurs as an everyday and highly
communicative phonetic activity in spontaneous
discourse. In common belief laughter has no place in
phonetics as a linguistic discipline that focuses
primarily on segmental and prosodic properties of
words and sentences, but we argue otherwise.
In contrast to speech as verbal vocalisation
laughter is a non-verbal vocalisation, a group of
different types of sounds and utterances such as
vegetative sounds or affect bursts. Laughter can carry
affective information, often linked with a positive
valence such as joy and happiness but it can equally
be observed when expressing nervousness and
maliciousness on the negative side of valence. So,
laughter can be a display of very different things
including amusement, positive surprise, hilarity,
pleasure, non-seriousness, affiliation but it can also be
used as a face-saving or threatening action, see e.g.
[19].
Two common synonymous usages of the notion
laughter relate to humour on the one hand and smiling
on the other. Although laughter can undoubtedly
occur in humorous situations, humour (as a cognitive
concept) and laughter (as a phonetic activity) should

2. PHONETIC ASPECTS OF LAUGHTER
In contrast to speech sounds as the product of the
control of articulatory gestures in the vocal tract, the
vocal production of laughter mainly reflects
modulations of phonatory and respiratory
movements. This means that vowels that can be
observed in laughter are not produced with a specific
articulatory target [3]. Invasive physiological
measurements of laughing with a focus on the
respiratory apparatus or on glottal activities in the
larynx [12] have the advantage of observing laughter
directly at the source of generation.
Non-invasive kinematic studies of rib cage and
abdominal movements in spontaneous dialogues
show how tightly coupled the inhalation and
exhalation activities of both conversational partners
can be [17]. Though not each inhalation results in an
audible noise, many song-like laughs have such an
inbreath noise as an offset [8]. Sometimes they cooccur with linguistically motivated inhalation noises
between major prosodic phrases which usually reflect
syntactical and discourse structure.
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However, from a phonetic point of view it is still
underexplored how the respiratory, the glottal and the
vocal tract activities interact for different types of
laughter. The control of the vocal apparatus while
laughing is not only a mechanical manoeuvre at
different places but requires also neurological
routines that allow quick reactions in interactional
laughing.
Largely unexplored is how we perceive laughter.
This topic includes also the visual aspects of
laughing. Often we use contextual information to
interpret the laughing signal. Thus, from an
interactional linguistic point of view it is interesting
to learn more about pragmatic functions laughter can
have in spontaneous discourse.
There is so far no standard of laughter categories
but the division into song-like (voiced), snort-like and
grunt-like laughs [2, 26] provide a first orientation.
Likewise, there is no established procedure how to
segment and name the different elements of laughs
[26].
Compared to speech, laughter can show dramatic
differences with respect to prosodic dimensions of
fundamental frequency (pitch) and intensity
(loudness). It is the usual tendency for song-like
laughs to be higher and louder than spoken language.
There seems to be a difference between males and
females: men produce much more unvoiced laughter
than women [3].
A paper by Bachorowksi & Owren [2] is entitled
"Laughs are not alike" – this statement is valid for the
different acoustic characteristics of laugh productions
but also for the effect of laughter when perceiving it.
The prototypical "haha"-like laughter can be
described as a sequence of very similar laugh
'syllables' in a staccato manner. However, it was
shown that a strict rhythmicity by repeating the same
syllable has been perceived as less natural than
introducing some variation in this rhythmic pattern
[14]. With regard to the participation of the voice it is
interesting to see that unvoiced laughs are considered
as less positive than voiced forms [9]. Variation in the
prosodic parameters duration (length), fundamental
frequency (pitch) and intensity (loudness) as well as
variation regarding voice quality [12] can have very
different effects – of which we have so far nearly no
exact knowledge. Apart from quantitative and
qualitative aspects it seems to be the case that laughter
– as other affective triggers as well – does influence
perceptual dimensions such as the memory in the
sense of "laugh – and you will be remembered" [1].
The short overview in this section shows that the
diversity of laughing clearly goes beyond "haha"-like
laughs. Laughter should be considered as a bundle of
different acoustic outputs that go back to different
phonetic strategies that are mainly based on

respiratory and glottal activity and only marginally on
supra-glottal activity.
3. HOW TO GET LAUGHTER DATA
Studies on the phonetics of laughing range from
highly controlled to less controlled data. In extreme
lab situations (comparable to most recordings of read
speech in phonetics) laughter is intentionally
produced by actors only with an imaginary
communicative context, e.g. [4, 21, 22]. The phonetic
variation is rather limited compared to recordings
where subjects had to watch funny video clips [3; 32].
The variational range of laughter forms increase when
observing speakers in spoken interaction, e.g. in taskbased conversations [30] or everyday dialogues [8].
Prototypical and isolated forms of laughter were
performed by actors in order to ‘laugh for joy’ or
‘laugh for schadenfreude’ etc. [22] or these acted
laughs have been used in perception tests for various
vocalisations of emotional categories [4, 21]. Despite
the reasonable research questions the ecological
validity and, subsequently, relevance for real
communication can at best be said to be unclear.
To get a larger variety of types of laughter, a
release of control cannot be avoided. Observing
people watching funny video clips is such an
approach to evoke spontaneous laughter, either with
single subjects [32] or with two persons [3]. The latter
approach contains social interaction, albeit without
speech vocalisations. Although subjects were not
actors (as in the ‘lab laughter’ recordings described
above) they were aware of being observed – thus
Labov's observer's paradox [15] was not avoided and
a certain amount of ‘acting’ cannot be ruled out.
Laughter in conversations was investigated with
various corpora [5, 6, 8, 10, 11, 13, 25, 28, 29, 31].
Often, task-based dialogues were recorded involving
games like such as describing routes on a map or
spotting differences in pictures. The great advantage
of these corpora is that annotations of non-verbal
vocalisations is already at hand, unfortunately with
substantial differences between the annotation
schemes [30].
What becomes again clear after studies with
various styles is that laughter is not a staccato-like
voiced-voiceless alternation alone but a bundle of
very different phonetic and complex entities, unveiling for instance different types of production
modes. For instance, in [3] a three-way distinction has
been proposed: song-like laughter with voiced
elements, voiceless grunts with laryngeal and oral
friction, and snort-like laughter with turbulences in
the nasal cavity. In line with [3] we claim that the
variability of laughs would never have been observed
in ‘stereotypical lab laughter’ and a pure reliance on
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‘acted laughter’ would have failed to uncover both a
large set of surface varieties and the pragmatic
functions of laughing in conversations beyond the
expression of emotion or attitude, for instance when
speaking and laughing happen at the same time, when
topic changes and turn changes are organised with the
help of laughter.

function and degree of functionality [2], it is not
random. Gilmartin et al. [10] explored the role of
laughter in a large corpus of casual informal
conversations where the participants had no formal
instructions or assigned roles but were forced to fall
back on learnt social behaviour in recorded
conversational interactions. They found laughter,
both solo and shared, to be common and to serve as
an indicator of both social role and stage of the
dialogue; with shared laughter being a clear marker
of a forthcoming topic change. This confirmed the
earlier findings of Bonin et al. [5, 6] who put forward
a notion of 'interactional entropy' with laughter being
one of five social signals that represented a general
level of social activity in the conversation. The
beginnings of new topics showed a lower presence of
social activity, fewer speakers, but a greater amount
of lexical content. In contrast, topic terminations
showed higher social activity and lower lexical
volume. They confirmed that in two spontaneousspeech corpora there is a drop of interactional entropy
when a new topic begins, and this is frequently
signalled by shared laughter. In one corpus, 90% of
topic changes were found to occur within 5 seconds
of the end of an interval of shared laughter. They
interpret this as a social ordering introduced by the
new topic: from a situation of high social interaction,
with a higher number of overlaps, feedback, laughter,
the new topic brings on a monological situation, in
which one speaker takes the floor, reducing the
interactivity among the participants. Laughter may
not always be transcribed when annotating such
dialogue turns, perhaps being thought of as 'noise' in
the signal, but it clearly serves a pragmatic function
in signalling topic completion at the group level.

4. LAUGHTER AND LINGUISTIC
STRUCTURE
4.1. Speech-laughs

Investigating spoken interaction usually leads to the
observation of speech-laughs, i.e. laughing during
articulation or ‘laughed speech’ (not to be confused
with ‘smiled speech’). Speech-laughs were first
described by Nwokah et al. [18] who studied laughter
in mother-child interaction. There, speech-laughs
made up to 50% of all laughs, whereas in an analysis
of a German adult conversational corpus [25] nearly
all laughs were speech-laughs. However, it is
important to note that the investigated corpus
consisted of dialogues recorded in a ‘push-to-talk
mode’ (no visual contact between the speakers whose
turns were regulated by pushing a button and keeping
it pressed for the duration of the turn). Thus, overlaps
of speakers were not possible which again represents
an unusual conversational situation. But also
conversations with a possible cross-talk still show a
substantial number of speech-laughs [30].
Typical phonetic features of speech-laughs are a
reinforced expiratory activity reflected either as an
increased harmonic noise during periodic portions
(perceived as a breathy voice quality) or as stronger
aspiration during unvoiced portions (aspiration after
plosive release, unvoiced fricatives, devoiced nasals).
In voiced segments, especially vowels, an increased
fundamental frequency and a tremor-like voice
quality can be observed. Speech-laughs often do not
extend over two syllables and they tend to start or end
simultaneously with articulatory phases, in the latter
case with the possibility to be continued as an isolated
laugh.
Speech-laughs could be considered as a type of
tone of voice or as a voice qualifier which resembles
but is not identical with smiled speech. Presumably,
speech-laughs are often used as short and subtle
comments (including self-comments) and are
perceptually not extremely salient.

4.3. Turn transitions

Jefferson [13] proposes that “Laughter can be
managed as a sequence in which speaker of an
utterance invites recipient to laugh and recipient
accepts that invitation. One technique for inviting
laughter is the placement, by speaker, of a laugh just
at completion of an utterance, and one technique for
accepting that invitation is the placement, by
recipient, of a laugh just after the onset of speaker's
laughter.” This type of laughter invitation and
acceptance nicely fits to the cases illustrated in the
respiratory study by McFarland [17]. Studies with
larger data sets in conversational corpora investigated
the patterns when both interlocutors overlap with
their laughter [29, 31]. Usually, speakers avoid
overlaps, except for feedback utterances – and
laughter, which seems to serve as an excellent
opportunity for a joint vocalisation.

4.2. Topic change

Laughter, as a component of social interaction, has
attracted interest within conversational analysis [8,
11, 13]. While laughter can be expressed in different
contexts, voluntary or involuntary [16], and diverse in
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The results in [29] show that a substantial amount
of laughter occurs at a time when other interlocutors
are laughing as well. Although most laughs are not
shared in the sense of temporal overlap, the amount
of overlapping laughs ranges from one third of all
laughs to two thirds. The principle "one speaker at a
time" which is often assumed to be valid in conversation does obviously not hold for laughing in
conversations. A phonetic comparison of overlapping
versus non-overlapping laughs reveals that overlapping laugh tokens are generally longer, have fewer
unvoiced portions, and are produced with a higher
fundamental frequency and a higher intensity.
Among the overlapping laughs the pattern of the
"invited laugh" as described by Jefferson [13] seems
to occur substantially more often than the case of the
"anticipated laugh", where the recipient laughs before
the onset of the "inviting" speaker. Obviously there is
a majority of occasions where people show a
tendency to "wait" to be invited to a shared laugh
rather than anticipating an overlapping laugh. Thus,
“laugh invitations” resulting in overlapping laughs do
indeed provide an outstanding combination of
organising the turn change between speakers
(discourse level) and tightening their social bonds
(phatic level).

computer-assisted training material for autistic
persons and other people who have problems
recognising and/or interpreting certain types of
laughter, e.g. [19, 23]. In order to develop appropriate
and suitable interactive technology using laughter, we
must first gain a good understanding of what laughter
is – particularly from a phonetic perspective.
Laughter research is a good example that we
should also work towards a better understanding of
non-verbal vocalisations [28]. Laughter is not only
highly relevant for conversations but also for studying
the phonetics of laughter production of deaf persons,
infants, across cultures, and other species such as
primates.
We do not claim that phonetics should leave its
linguistic origins but we plea for investigating a wider
scope in which vocal communication takes place, i.e.
not only sentences, and not only read speech. The
example of the multi-disciplinary object of laughter
also shows that the questions and answers of phonetic
matters will be treated outside the phonetic
community, if needed. Considering initiatives such as
the series of workshops on laughter and other nonverbal vocalisations [34] and an upcoming paper
collection [24] we claim that phonetics is showing
itself open to a wide range of researchers from
different disciplines who all have an interest in this
speech event in common.

5. CONCLUSIONS
In this review and positional paper we have shown
that a) laughter is a highly frequent non-verbal vocalisation in spontaneous discourse, b) laughter can
show phonetic forms that go clearly beyond "haha"like laughter, and c) laughter is intertwined in
different ways with linguistic structure in
conversations in which timing of laughing plays an
important role. In our view more detailed research of
laughter from a phonetic perspective is needed. This
concerns particularly talk-in-interaction but also
speech technology and non-verbal vocalisations in
general. Moreover, in line with [33] we advocate for
a consideration of multiple speech styles and registers
in phonetics where still read speech (and mostly
single sentences) is the primary domain of research.
As soon as non-scripted speech is investigated, there
is a high probability that researchers are confronted
with laughter in their speech data.
Speech technology can benefit from the phonetic
insights of laughter by enriching the expressivity in
interactive speech synthesis [7] in general, e.g. for
personalised synthetic voices for people who lost
their speaking abilities. Overcoming poor realisations
of laughs would need some modelling at which
intensity and pitch a laugh should be added to some
synthesised utterances in order to have an appropriate
effect [27]. Another example is the development of
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ABSTRACT

Klasmeyer [9] reports a greater f0 range as
compared to neutral, Paeschke [11] finds a smaller
one.

Although the role of fundamental frequency in the
expression of emotion is a widely researched topic,
individual results vary and are sometimes even
contradictory. One potential reason for this are
varying degrees of emotion being studied. The
present contribution addresses this issue by taking
into account three different levels of six emotions
with neutral stimuli serving as a reference. Six
native speakers of German were asked to portray
the said emotions in three degrees: low, medium,
and extreme. For joy, hot anger and sadness,
results largely confirm the predictions based on
previous research, but expectations are not met for
fear and cold anger. Speakers follow a linear
model for the expression of degrees of
emotionality for most emotions, best represented
by the expression of disgust. The present study
demonstrates that it is highly advisable to consider
varying degrees of emotionality when studying the
effect of emotional state on vocal parameters.

These so-called “basic emotions” (joy, sadness,
fear and anger) are well-researched and are said to
occur universally ([4]; for an overview also see
[14] and [6]). Deviating somewhat from the
concept of basic emotions, Scherer [13] (as well as
Banse/Scherer [2]) make a case for the distinction
between hot anger and cold anger, based on
differences in the externalisation of these different
facets of that emotion. Acoustic findings support
this distinction and indicate that hot and cold
anger are externalised by very different acoustic
cues. Therefore, both facets of this emotion were
included in the present study. A study by
Braun/Heilmann [5] addresses dubbed speech in an
intercultural setting. For their German speakers,
results confirm those cited above. They consider
hot and cold anger as different emotions, and
report higher mean f0, variability and range for hot
anger, and lower mean f0 (no change for
variability and range) for cold anger.
An emotion which has only rarely been studied
is disgust. It seems to be a “difficult” emotion as
far as instructions to the speakers during the
recording procedure are concerned [2]. Paeschke
[11] finds a higher mean f0 and a wider f0 range
for disgust as compared to the neutral samples,
whereas f0 variability is very similar to them. In
their overviews of studies on emotion in speech
Banse/Scherer [2] and Pittam/Scherer [12] report
inconsistent results, some authors describing
increases and others decreases for mean f0 as
compared to neutral.

Keywords: emotion, fundamental frequency
1. INTRODUCTION
Various acoustic parameters have been studied in
relation to the encoding of emotions. There is
broad consensus on fundamental frequency (f0)
being an important feature in distinguishing
emotions in speech. Even though f0 is probably the
parameter which has been most frequently studied
(and seems to be the most salient perceptually),
individual results concerning the f0 values for
emotions differ.
An exhaustive overview would by far exceed
the scope of this contribution. This account will
therefore focus on the findings for German and a
few meta studies in addition. As far as results are
concerned, the findings on f0 for both joy and
anger are consistent across studies: both emotions
cause speakers to produce a higher mean f0,
greater f0 variability and greater f0 range than
neutral utterances do. For fear, authors also report
these parameters to increase as compared to
neutral samples, albeit with different magnitudes
[10; 13]. A decrease in mean f0 [2; 5; 7; 9-13] and
in f0 variability [11] is found for sadness, but
contradicting results exist for f0 range: Whereas

Little attention has so far been devoted to
various degrees of emotionality. Scherer attempts
to “differentiate variants of a similar type of
emotion” [13, p. 147], thus distinguishing e.g.
between fear and anxiety, joy and happiness. But
to the present authors' knowledge, there has never
been an attempt to study varying degrees of the
same emotion from an acoustic phonetic point of
view. Therefore, a different approach was chosen
for the experimental design in the present study,
i.e. to instruct the speakers to portray three degrees
of emotional expression (low, medium and
extreme). The main research question is thus
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whether the acoustic representations of the various
degrees of emotionality are linear or whether they
may be categorically different. This research might
at the same time help to explain differing or even
contradictory results of previous studies.
Based on the findings of the studies mentioned
above and the predictions made by Banse/Scherer
[2], an increase in mean f0 as compared to neutral
can be expected for the emotions joy, fear, hot
anger and cold anger, and lower values than
neutral for sadness. Disgust may render different
results for the three degrees of emotion.
Melodiousness (measured in terms of standard
deviation of f0) can be expected to increase for hot
anger, fear and joy, and decrease for cold anger
and sadness, making the latter sound more
monotonous.

parameter were tested by means of a paired
Student's t-test, significances in the present study
are based on α=0.05 unless mentioned otherwise.
3. RESULTS
Emotionally loaded fundamental frequencies (f0)
were arranged relative to the mean values of the
respective speaker's neutral speaking style. They
were converted to (musical) semitones (ST) in
order to facilitate between-speaker comparisons. A
difference of one semitone corresponds to a f0
change in Hertz of roughly six percent.
3.1. Mean f0

Figure 1 provides an overview of mean f0
behaviour for all speakers, for all emotions. The
value for neutral stimuli is represented by zero.
Mean f0 values are lowest for low sadness and
highest for extreme hot anger. Male speakers all
show their highest mean f0 for extreme hot anger,
while female speakers portray extreme joy (and in
one case extreme fear) with the highest f0.

2. MATERIAL AND METHOD
The aim of this study was to work with the voices
of speakers who are actors not solely capable of
producing emotions “on the spot”, but also of
using their voices only (i.e. without gestures, facial
expressions and body language). The six
professional speakers (native German speakers; 3
female, 3 male) chosen had many years of
experience in acting, radio plays, dubbing and
voice-overs for TV. They were asked to produce
five nonsense sentences (existing words and
grammatically correct, but no plausible meaning),
all in six different basic emotions and in a neutral
speaking style. For the emotions, the task was to
express three degrees: low, medium and extreme
(resulting in 90 utterances per emotion and a total
of 570 utterances). The emotions covered were:
fear, disgust, joy, sadness, hot anger and cold
anger. No further instructions were given to the
speakers, and none of them had any trouble or
questions concerning the task. Recordings were
made in a professional studio of the WDR radio
station (Westdeutscher Rundfunk) using a
Neumann U 87 and a DHD-RM4200 preamplifier
at a sampling rate of 48kHz and 16 bit amplitude
resolution. Speakers decided for themselves which
samples were “best” and could repeat them until
they were satisfied with the result.

Figure 1: Mean f0 (and SD) for all speakers, all
emotions and degrees. Values in semitones.
mean f0
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Increasing degrees of emotionality are in fact
implemented by increasing mean f0 for the
portrayal of emotions. For fear, disgust, joy and
hot anger, speakers increase their average f0 across
the three degrees of emotion (from low to
extreme). They also follow this trend for sadness.
Compared to neutral, all speakers mark low
sadness with a significantly lower f0. For fear,
disgust, joy and hot anger, the extreme degree of
emotion exhibits a significant increase in mean f0.

Mean fundamental frequency (mean f0),
standard deviation (SD) and range (max f0 – min
f0) were analysed for all five sentences. In extreme
emotional speech a very wide range of pitch values
can be expected. In order to avoid any errors in the
automatic pitch extraction, the analysis was carried
out manually, using PRAAT [4]. Statistical
analyses for differences between neutral and
emotional samples regarding each acoustic

Low and medium sadness is expressed by a
decrease in f0 for most speakers, but four (two of
them male, two female) show an increase for
extreme sadness, and two male speakers show the
highest difference (significant decrease) to neutral
in the medium degree of this emotion. Table 1
gives an overview for trends for all speakers, for
increasing and decreasing f0.
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and cold anger similarly. Hot anger and – for
most speakers – cold anger are marked by an
increase in SD for medium and extreme degree of
emotionality (extreme hot anger significant for all
speakers for α=0.01). Table 2 gives an overview of
the standard deviation of f0 and significances for
all speakers, as compared to their respective
neutral recording.

Table 1: F0 common ground for all speakers, *
marks significant difference to neutral, blank
areas denote different inter-speaker behaviour.

fear

low
decrease

disgust

decrease
decrease*

hot anger
cold anger

extreme
increase*

increase

increase*

increase*

joy
sadness

medium

Table 2: SD common ground for all speakers, *
marks significant difference to neutral, blank
areas denote different inter-speaker behaviour.

decrease
increase

increase*

decrease

Cold anger, however, seems a special emotion, and
its portrayal to be largely speaker-specific. No
clear trend is observed in terms of linearity for the
three degrees of emotion.
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joy
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increase

increase*
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For all speakers, f0 variability is largest for
extreme joy and extreme hot anger (both
significant for α=0.01 for all speakers).
A pattern (linear increase) in SD can be
observed for disgust, joy and mostly for fear, hot
anger and cold anger. Sadness is handled rather
categorically concerning the SD.

mean f0 for cold anger
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cold anger

Figure 2: Mean f0 for cold anger for all speakers.
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F0 ranges – as the distance between highest and
lowest measured f0 – were calculated for each
utterance separately. Mean ranges per degree per
emotion were determined and also compared to the
mean f0 range of the neutral samples. F0 ranges
for the emotions extend from -4.9 semitone for
medium and extreme fear up to 12 semitones wider
than neutral for extreme joy (which corresponds to
a musical octave).

-4
low

medium
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3.2. F0 variability – Standard deviation (SD)

F0 variability (measured as standard deviation of
f0) can be taken as an indication of the
melodiousness/monotony of a given speaker's
voice. Most interesting is here to look at
differences of the emotional values in comparison
to the neutral version of the respective speaker to
get an impression of how they change the
melodiousness of their voice in order to portray a
specific emotion.

An extreme increase in f0 range is portraying
joy, reaching significance for the medium and the
extreme degree (the latter for α=0.01). Disgust,
hot anger and for most speakers cold anger are
also portrayed with increased f0 range. Also,
speakers increase f0 range further over the three
degrees of emotionality, again following a linear
pattern. Figure 3 provides an overview of f0 range
and shows common ground for all speakers.

All speakers exhibit a decrease in SD for low
and medium fear, but except for one female
speaker, all mark extreme fear with a wider f0
variability. Sadness is portrayed with a smaller SD
by all but one speaker, making it sound more
monotonous. However, this decrease is not linear
concerning the three degrees of emotionality,
speakers seem to handle this emotion categorically.
Joy and (for most speakers) disgust are marked
with increasingly wider f0 variability across the
three steps, and most speakers handle hot anger
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mark them as different emotions. Disgust seems (at
least in the given setting) not as complex an
emotion as predictions suggest. All speakers
handle it with increasing mean f0 over emotion
steps.

Figure 3: F0 range for all speakers, all emotions
and degrees.
f0 range
10

Speakers do follow a linear pattern for the three
degrees of emotionality, best represented by
disgust and joy. This linear model also holds true
for fear and hot anger, though not for all speakers.
The degrees for cold anger and sadness seem to be
handled rather categorically instead.
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5. CONCLUSION

hot anger

In order to portray emotions, speakers use
modulations of their fundamental frequency.
Extreme emotions come with a more extreme
change of f0 as compared to neutral speaking
style. Though some externalisations are similar for
all speakers, there are some emotions for which
portrayals differ greatly (as fear, disgust and cold
anger). In most cases, extreme emotions are
marked more consistently than low or medium
emotions. Speakers tend to mark the three degrees
of emotionality by a linear pattern, increasing the
measured parameters step by step.
Different or even contradicting results in
previous research might be due to difference in
degree of emotionality. Most authors give their
speakers clear instruction on how to portray a
specific emotion (as detailed descriptions, scenes
[15]), elicit them by images [1] and videos or
evoke them by specially designed tasks [3; 8].
However, the degree of emotion is seldom
included (and if so, it is subsumed under different
emotional labels), leaving the decision to the
intention of the speaker. The findings of the
present study demonstrate that it is highly
advisable to consider varying at least a lesser and a
higher degree of emotionality when studying the
effect of emotional state on vocal parameters.

Low sadness is clearly marked by a smaller f0
range than neutral by all speakers, but they don't
use varying f0 range much to distinguish between
the degrees of emotionality. No clear trend is
observed in terms of linearity for the three degrees
of emotionality, as is shown in Figure 4.
Figure 4: F0 range for sadness.
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4. DISCUSSION
As the data base of the present study is relatively
limited, all results have to be handled with caution.
Concerning the three degrees of emotion, it
becomes clear from the data that no equidistance is
given between low to medium and medium to
extreme emotion. Predictions and findings of
previous studies [2; 5; 9-13] are confirmed by the
results for joy and hot anger, and mostly for
sadness (rise or lowering for f0 range here seems
to be speaker-specific). Speakers handle fear more
individually than predicted, they differ in their
changes of f0 variability and f0 range (increase or
decrease). Predictions do not hold for cold anger.
All speakers show by far lower values for cold
than for hot anger, and mark it by greater standard
deviation and greater range. The distinction
between hot anger and cold anger as suggested by
Scherer [13] is confirmed, as all speakers clearly
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ABSTRACT
Emotional speech recognition and synthesis are currently in focus due to emerging applications in
Human-Computer Interaction. Past studies found
the need to include secondary emotions (e.g. worried, apologetic) along with primary emotions (e.g.
sad, happy), as social interactions exhibit subtle nuances. The F0 contours of utterances spoken with
five primary and five secondary emotions produced
by two male and two female New Zealand English speakers were parameterized using the Fujisaki
model. Automatic extraction followed by manual
adjustments yielded amplitude and timing parameters on the utterance, phrase and syllable levels. Results show that the ten emotions significantly influence amplitude parameters on all levels, especially
as a function of speaker-activation, being high in
‘excited’ as compared to ‘sad’, for instance. Also,
the frequencies of accents and distributions of tonal
transitions were analysed. As the Fujisaki model
offers continuous F0 contours, these results are directly applicable to emotional speech synthesis.
Keywords: Secondary emotions, Fujisaki Model,
Fundamental frequency, Accent
1. INTRODUCTION
High-quality emotional speech synthesisers are key
components of state-of-the-art Human-Computer
Interaction (HCI) applications. In social interactions, [1] has reported that emotions to be processed by such systems are not only the primary
ones, such as happy, angry, sad, but also secondary
emotions, e.g. worried, apologetic and anxious that
are more subtle in nature. There have been studies that analyse the acoustic parameters of emotional
speech to understand which features distinguish one
emotion from another, and facilitate modelling these
emotions for synthesis purposes (e.g.: [2–6]). In
many studies Fundamental frequency (F0 ) has been
found to be a significant emotion-distinguishing factor (e.g.:[2–4]). The descriptive features of F0 like
mean and range provide useful information about

emotion separation. But in speech synthesis the
complete F0 contour needs to be carefully modelled,
as it conveys concurrent linguistic information - e.g.
sentence modality and word prominences, as well
as paralinguistic information (e.g. emotional variations). Hence, there is a need to parameterise the
F0 contour via a quantitative model. The Fujisaki
model [9] parameterises the F0 contour superimposing (1) the base frequency Fb , indicated by the horizontal line at the floor of the F0 pattern of the utterance as shown in Figure 1, (2) the phrase component, the slowly drooping phrasal contours accompanying each prosodic phrase, and (3) the accent component, reflecting fast F0 movements on
accented syllables and boundary tones. The input
functions of the model are impulse-wise so called
phrase commands and rectangular accent commands
which are displayed in the two lower tracks of Figure 1. These commands are specified by the following parameters: (1) Phrase command onset time
T0 : Onset time of the phrasal contour, typically before the segmental onset of the phrase of the ensuing prosodic phrase. (2) Phrase command amplitude
A p : Magnitude of the phrase command that precedes
each new prosodic phrase, quantifying the amount of
reset in the declination line. (3) Accent Command
Amplitude Aa : Accent command amplitude associated with every pitch accent. (4) Accent command
onset time T1 and offset time T2 : The timing of the
accent command that can be related to the timing of
Figure 1: Fujisaki model parameters for ’Sound the
horn if you need more’ (SAMPA phonetic symbol). T0 ,
T1 , T2 are marked for first phrase and accent commands
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typically every content word is characterized by at
least one accent command associated with the primary pitch accent and the base frequency Fb is kept
constant for each speaker [19]. In the context of
emotional speech, however, in principle every syllable can exhibit an accent command, especially when
the emotion entails strong arousal. Sometimes even
a single syllable that is strongly emphasized can
contain two accent commands as seen in the syllable ‘m_o:’ of Figure 1. Among the total number of accent commands analysed 14.8% are cases
where 2 accent commands are associated with a single syllable. We also observed that for certain speakers the Fb has to be adjusted (± 10Hz ) as a function of the emotion portrayed. The Fujisaki model
parameters for each utterance were checked to ensure that potential errors in F0 tracking did not affect them, leading to additional accent commands
in unvoiced segments. Finally, an automatic time
alignment of the Fujisaki parameters with each of
the syllables in the corpus was performed, i.e., accent commands are associated with the syllables in
which they begin and end, and phrase commands
with the initial syllables of phrases that they precede.
The resulting database contains the Fujisaki model
parameters (Aa , A p , Fb , T0 , T1 , T2 ) for each of the
syllables. In total the Fujisaki model-based parameterised data contains 4777 accent commands and
1701 phrase commands almost equally distributed
among the ten emotions. As the F0 contour can be
described as a sequence of linguistically motivated
tone switches, major rises and falls [19], the tone
switches have also been marked based on the accent
command alignment with respect to the syllable. Table 1 displays a list of accent command alignment
options derived from [20] and their associated codes
henceforth used in this paper. As a result, each syllable exhibits a switching code associated with it.
In cases where there are two accent commands in
one syllable (like ‘m_o:’ of Figure 1), combination
tone switch codes were produced by concatenating
the two codes associated with the two accent commands using a ‘+’ sign.
4. RESULTS AND DISCUSSION
Figure 2 shows parameterised F0 contour results of
the sentence ‘Find your boot is in this shoot’ produced with four emotions. The panels show from top

the underlying segments. The model approximates
the natural F0 contour and interpolates through unvoiced sounds. The Fujisaki model is event-based,
i.e. every command is related to the onset of a new
phrase, accented syllable or boundary tone. It is parsimonious as large parts of the contour can be captured using few parameters and the parameters can
be directly used to synthesise the F0 contour. Due to
these reasons this model has been used in this study.
Past studies used the model in various prosodic contexts, e.g.: analysing tonal contrasts in Vietnamese
[8], the influence of underlying attitudes and emotions in German [9] and Mandarin [10], as well as
arousal in a psychotherapeutic setting [11] and perceived syllable prominence in German [12]. The use
of the Fujisaki model to analyse emotional speech is
a less explored area. [14] has analysed six emotions
based on the Fujisaki model and [13] has employed
the Fujisaki model for voice conversion for emotional speech. With growing needs in HCI, there is
a need to also study some secondary emotions along
with the primary emotions and quantitatively analyse them using the Fujisaki model. This is with the
goal of synthesizing F0 contours reflecting the emotion differences.
2. EMOTIONAL SPEECH CORPUS
To analyse the emotions needed for HCI, an opensource emotional speech corpus (available at :
github.com/tli725/JL-Corpus) was developed [15],
containing five primary (angry, happy, neutral, sad,
excited) and five secondary emotions (anxious, pensive, apologetic, enthusiastic, worried) elicited by
two male and two female professional New Zealand
English speakers. It has strictly-guided simulated
emotions with 15 sentences for each emotion. Fujisaki model fitting of the F0 contour involves manual corrections, hence a subset of the corpus (50%)
covering all emotions and all speakers equally was
used. The corpus contains 2400 short utterances and
1200 were used. Hence, 120 sentences were analysed for each emotion. The sentences in the corpus are semantically neutral, except two emotionally coloured ones for each of the secondary emotions with semantics conveying that emotion (e.g.
‘I owe you an apology.’ for apologetic). The corpus was segmented at the syllable-level using HTKbased [16] American English forced alignment system and hand-corrected where needed.
3. FUJISAKI MODEL ANALYSIS
First, the F0 contour was extracted using the Praat
standard method [17] using a time step of 0.01s.
Then the Fujisaki model parameters were estimated
from the natural F0 contour using an automatic algorithm [18]. In the analysis of reading-style speech

Table 1: Tone switch codes used in this paper
Tone Switch condition in current syllable
Code
Rising tone switch
1
Falling tone switch
-1
Rising, then falling tone switch
-11
Falling, then rising tone switch
12
Accent command across syllable
11
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Table 2: Features that distinguish the emotion pairs based on ANOVA and t-test results. D: Sentence-level mean duration of
accent commands, R: Number of accent commands per second.)
angry
anxious
apologetic enthusiastic excited
happy
neutral
pensive sad
anxious
Ap, R
apologetic
A p , Aa
A p , Aa , R enthusiastic Aa
Aa
A p , Aa , R
excited
Aa
Aa
A p , Aa , R
A p , Aa
happy
Aa
A p , Aa , R
A p , Aa
A p , Aa
neutral
A p , Aa , R A p , Aa , D R
A p , Aa , D, R A p , Aa , D, R pensive
A p , Aa , R A p , Aa
A p , Aa , R
Aa , R
A p , Aa , R
A p , Aa , R A p , Aa
sad
A p , Aa , R A p , Aa , R A p , Aa , D, R A p , Aa , R
A p , Aa , R Aa
Aa , R
worried
A p , Aa , R Aa
A p , Aa , R
Aa , R
A p , Aa , R
Aa , R
A p , Aa , D A p , Aa , R
Figure 2: Fujisaki model parameterisation of F0 con-

tions like angry and anxious exhibit larger accent
commands compared to low arousal apologetic. The
trends for Aa and A p for all the emotions can be seen
in the boxplots in Figure 3 for speakers female2 and
male1. As the F0 baseline at Fb was kept constant
within each speaker, A p and Aa are good indicators
of the emotion influence on the phrase and accent
levels, respectively. Apologetic and sad exhibit the
lowest Aa and A p , while excited has the highest values. Aa is the best discriminator among the four features (seen in Table 2) which lists all emotion pairs
and features that distinguish them based on ANOVA
and pair-wise t-tests (both at significance level of
0.05). The utterance-wise mean duration of accent
commands (D) was the least distinguishing feature.
The D of female2 does not vary as much as that of
male1. This may be due to female2’s higher speech
rate (0.31 syllables/sec). A weak, but significant correlation between Aa and D [Pearson’s r = -.146, n
= 4738, p < .01**] was found. This suggests that
higher accent command amplitudes are associated
with shorter accent command durations. The number of accent commands per second (R) was calculated by counting the number of accent commands in
one sentence and dividing it by the total duration (in
secs) of the sentence. R also distinguishes between
emotions, with apologetic having the lowest number per second, and excited having the highest. For
lower arousal emotions like apologetic the speakers tend to produce a smaller number of accented
syllables as observable in the examples in Figure
2. This will in turn affect R. The number of accented syllables does not match exactly the number
of accent commands, as mentioned previously there
were cases where an accented syllable was associated with two accent commands (14.8 %). None of
the features were able to distinguish apologetic vs.
sad and happy vs. anxious.

tours for ’Find your boot in this shoot’ in four emotions.

to the bottom (1) speech waveform, (2) extracted F0
contour (Hz) indicated by + signs and the Fujisaki
model-based contour as a smooth continuous line,
(3) underlying phrase command amplitudes (A p ) and
(4) accent command amplitudes (Aa ). The results
of the Fujisaki parameters obtained for each emotion and their relation to emotion production are discussed here. It can be seen that high arousal emo-

The secondary emotion closest to primary emotions excited and happy on the valence-arousal (VA)
plane is enthusiastic (Valence level indicates the
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pleasantness of the voice ranging from unpleasant
(e.g.: sad, fear) to pleasant (e.g.: happy, calm).
Arousal level specifies the level of reaction to stimuli
and range from inactive (e.g.: sleepy, sad) to active
(e.g.: anger, surprise) [23]). The secondary emotion
closest to angry is anxious and the secondary emo-

tions closest to sad are neutral and apologetic. From
Figure 3 it can be noted that the feature values for the
emotions that are close to a primary emotion cover
a similar area under the boxplot, with differences in
the median line and overall range. So, feature values of the secondary emotions fall in between the
extreme values of the primary emotions as expected
due to their non-extreme positions on a VA plane [1].
Analysing the tone switches, the most frequent
were falling tones (-1). All the initial syllable tone
switches were falling. For the final syllable position, the falling tone (-1) and the rising then falling
tone switch (-11) were the most common. Also, the
higher arousal emotions are characterized by more
occurrences of -11 (accent starts and ends in the
same syllable) whereas lower activation ones exhibit
more 11, i.e., more syllables are covered by one and
the same accent command. This means that accents
commands in high arousal emotions are shorter and
accents more prominent, not only with respect to the
F0 interval reflected by Aa , but also the concentration
of the peak. In contrast, in lower arousal emotions
more syllables are strung together between two accents, forming the hat-pattern [21]. An inspection
of the tone switch codes (marked in red in Figure 2)
reveals that despite the underlying linguistic information being maintained the same for all the emotions, the combinations of the tone switches may
vary. Hence the sequence of code switches is useful information in F0 contour synthesis.
5. CONCLUSION
In this study five primary and five secondary emotions were analysed using the Fujisaki model. We
were able to show that model parameters and two
derived features are significantly influenced by the
emotions. Using the superpositional approach we
can now quantify this influence on the utterance,
phrase and accent levels. Also, the accent command alignment with the syllable was analyzed and
found to vary depending on the emotion type. Alignment codes are similar to tone labels in ToBI [22].
However, as the Fujisaki model captures the entire F0 contour and not just certain landmarks, it
also facilitates direct synthesis of F0 contours which
is one of the objectives of our study. Parameters can be predicted based on linguistic and paralinguistic context, such as positions of accented syllables and emotion type, to regenerate the contour
during speech synthesis. We are aware that emotions cannot be discriminated exclusively by F0 , but
other acoustic features need to be taken into account
as shown in [7]. Future work will therefore be dedicated to the development of a prediction model combining the F0 contours with other prosodic features.

Figure 3: Box plots of Fujisaki Model parameters Aa ,
A p , mean accent command duration (D), number of accent commands per second (R) vs emotions.
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Previous research on Cantonese sarcasm often
focused on the syntactic structures, and little of them
studied the prosody system. This study investigates
the acoustic markers of sarcasm in Cantonese, aiming
to identify the prosodic features of Cantonese sarcasm
and compare the findings with the patterns of other
languages.

ABSTRACT
The present study investigated the acoustic cues of
sarcasm in Cantonese. Ten native Hong Kong
Cantonese speakers were elicited by pictures and
audios to produce target utterances with three
attitudes: neutrality, sincerity, and sarcasm. Six
prosodic features were measured (speech rate, mean
F0, F0 range, mean amplitude, amplitude range, and
harmonics-to-noise ratio HNR). Results of the
acoustic analysis indicated that a reduction in the
speech rate, an enlargement of the amplitude-range,
and an increase in the HNR distinguished sarcasm
from the other attitudes. Relative to sincerity in
particular, sarcasm in Cantonese was also marked by
lower mean F0, smaller F0-range, and lower mean
amplitude. These findings of mean F0 and amplituderange differed from the results of previous studies.
Gender differences were observed in this study as
well. Between sarcasm and sincerity, females had
smaller speech rate differences and larger mean F0
differences than males.

1.1. Sarcasm in Cantonese

A previous study on Cantonese sarcasm [7]
investigated six prosodic variables, displaying a
pattern involving the combination of a higher mean
fundamental frequency (F0), a narrower F0 range, a
slower speech rate, and a more restricted amplitude
range. In addition, Harmonic to Noise Ratio (HNR)
was found as a significant cue in differentiating
sarcasm from humorous utterances, as the average
HNR values of sarcastic phrases were lower than that
of humorous phrases. However, their non-colloquial
materials (including both the target utterances and
biasing sentences) posed a limitation for the above
study, rendering their findings as tentative. This study
revisits this issue with more rigorous methods.

Keywords: sarcasm, acoustic cues, prosodic features,
Cantonese

1.2. Gender differences

1. INTRODUCTION

Gender differences on sarcasm were examined in
Mexican Spanish and English, but the results were
mixed. For example, male speakers of British English
relied more on lengthening the duration while female
speakers relied more on lowering their pitch levels [8],
but for Mexican Spanish, the effect of pitch variables
on attitude was stronger for males than females [14].
Gender differences in sarcasm had not been studied
in Cantonese. Hence, this study also investigated this
factor.

Verbal irony has generally been described as a
rhetorical device for either implying the opposite of
what the content is literally [3], or expressing a
different meaning from what is said [13]. Ironic
criticisms, using positive contents to deliver negative
meanings, and ironic compliments, which making use
of negative contents to give positive comments, were
two types of irony [12]. In this study, we investigated
and discussed the acoustic features of the former one,
which was generally referred to as sarcasm. Previous
studies on sarcasm suggested that prosodic properties
such as pitch, duration, and amplitude were essential
verbal cues to distinguish sarcasm and non-sarcasm.
However, the patterns of these cues were varied
across languages. For example, English sarcastic
utterances were marked by a lower pitch and a slower
speech rate [4, 6, 8, 15], while sarcasm in Italian was
produced with a higher pitch level, a slower speech
rate, and greater amplitude [1]. Cantonese is spoken
in the community with different “communication
style” compared to the aforementioned languages [7].

2. METHOD
2.1. Participants

Ten native Hong Kong Cantonese speakers (five
females and five males) who were undergraduate
students at a university of Hong Kong participated in
the production task (with a mean age of 21 years old).
According
to
their
language
background
questionnaires, all of the participants were born in
Hong Kong with parents being native Hong Kong
Cantonese speakers, and went to local primary and
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secondary school. Cantonese was the most often used
language in their daily communication with a mean
percentage of 85.8%. The participants were paid to
attend the experiment and reported with no speech,
hearing, or study problems.
2.2. Materials

Two sets of simple sentences commonly used in
Cantonese were designed for this study. The first set
contained the target utterances with a degree modifier,
an adjectival phrase, and a sentence final particle.
Cantonese sentence final particles were frequently
used to convey different attitudes in speech [10]. The
final particle /a˧/ or /wo˧/ was chosen for more natural
utterances. Furthermore, in Cantonese, the intensifier
/ʦɐn˥hɐi˨/ ‘really’ was used frequently for expressing
criticism as well as for assuring sincerity [9], working
naturally for both sarcasm and sincerity. As a result,
this intensifier was used to create the second set of
target utterances, aiming to examine whether results
varied with this intensifier. To summarize, 12 sets of
target sentences as exemplified in Table 1 were
produced in three attitudes (neutral, sincere, sarcastic)
with three repetitions. In total, each participant
produced 216 target utterances.
To naturally elicit the emotional expressions, this
study applied scenario approach [17], providing the
participants short scenarios with positive or negative
situations commonly happened in daily life (see Table
1). These contexts were presented using audios
recorded by two native Cantonese speakers and
pictures describing the contexts. For neutral speech,
no biasing sentences were provided. Instead, the
participants received an instruction that they only
need to read out the sentences displayed on the screen.
Table 1: Example of the contexts (1. negative; 2.
positive) and the target utterances with English
translations (a. sentence without intensifier; b.
sentence with a target intensifier).

1
2

a
b

definition of sarcasm was provided. In the first part of
the experiment, target utterances were presented
using PowerPoint, and each slide contained one
sentence. No biasing contexts were given. The
participants were instructed to read the displayed
sentences one by one neutrally. In the second part, a
picture and a target utterance were presented on each
slide, and a biasing sentence was played
automatically. The participants were required to listen
to the audio first, and then produce the target
utterance according to the context provided by the
audio and the picture. Target utterances were
randomized and shown up on the screen in different
orders in each repetition.
2.4. Acoustic analyses

2160 utterances (12 target utterances × 3 attitudes × 2
sentence sets × 3 repetitions × 10 participants) were
measured in Praat [2] using ProsodyPro [18].
Following [7], speech rate, mean F0, F0 range, mean
amplitude, amplitude range, and the HNR were
measured for each utterance as a whole. The number
of syllables and the total duration of each utterance
were measured, and the speech rate was calculated by
dividing the number of syllables by the length of each
utterance. For the pitch variables, mean F0, minimum
F0, and maximum F0 were measured in Hertz (Hz),
and F0 range was provided by subtracting the
minimum F0 from the maximum F0. The F0 contours
were time-normalized, and each syllable was equally
divided into 10 points. F0 value at each point was
extracted. Regarding the amplitude variables, mean
intensity, minimum intensity, maximum intensity,
and the HNR were measured in decibel (dB), and
amplitude range was provided by subtracting the
minimum intensity from the maximum intensity.
2.5. Statistical analyses

All data were converted into z-scores. Two-way
ANOVAs with repeated measures were conducted for
each variable considering two factors: Attitude
(sarcasm, sincerity, and neutrality) and the sentence
Set (utterances with and without the target intensifier).
Furthermore, for the analyses on gender differences,
one-way ANOVAs with repeated measures were
conducted to compare the acoustic measures.
Additionally, paired-sample t tests further compared
the variables of sarcasm to that of neutrality and
sincerity within each gender. Sentence sets were
omitted in these comparisons.

Biasing Utterances
What? Was yesterday the deadline for course
registration? I thought it would be due today.
It’s raining. I know you have not taken your
umbrella with you, so I bring one for you.
Target Utterances
You are so smart!
你好醒呀！
你真係好醒呀！ You are really (so) smart!

2.3. Procedure

All participants individually completed a production
task in a soundproof recording room. A solid-state
recorder with the sampling rate of 44100 Hz was used
for the recording. During the experiment, no

3. RESULTS
Fig. 1 summarises the average normalized values of
the six acoustic variables, including the speech rate,
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mean F0, F0 range, mean amplitude, amplitude range,
and the HNR.
Figure 1: Mean values (z-scores) of the six acoustic

Figure 2: Average time-normalized pitch
contours of 你好醒呀 (‘You are so smart’) in
three attitudes produced by the female speakers.
Vertical lines indicate syllable boundaries.

variables across three attitudes. Error bars indicate
the standard errors.

3.2. Amplitude measures

The analysis of the mean amplitude provided a
significant interaction between Attitude and Set (F
(2,700) = 4.241, p = .015), together with significant
main effects for Attitude (F (2,700) = 450.587, p
< .001) and Set (F (1,350) = 22.173, p < .001). Results
further illustrated that the mean amplitude of
neutrality was significantly lower than that of sarcasm
and sincerity. Also, sarcasm was produced with less
energy compared to sincerity. With respect to the
amplitude range, significant main effects for Attitude
(F (2, 700) = 106.764, p < .001) and Set (F (1, 350) =
44.660, p < .001) were found. Post hoc tests suggested
that the participants performed a significantly greater
amplitude range in sarcastic speech than in the speech
of other attitudes. In addition, sincerity was expressed
with a significantly narrower amplitude range than
neutrality. The analysis of the HNR revealed a
significant interaction between Attitude and Set (F
(2,700) = 14.499, p < .001), and main effects for
Attitude (F (2,700) = 395.206, p < .001) and Set (F
(1,350) = 111.430, p < .001). The post hoc
comparison displayed that the HNR value of sarcastic
utterances was significantly higher than that of
sincerity and neutrality. Neutrality was conveyed
with a significantly lower HNR than sincerity.

3.1. Speech rate and F0 measures

A significant interaction between Attitude and Set
was found (F (2,700) = 18.741, p < .001), together
with main effects for the two factors: Attitude (F
(2,700) = 1899.921, p < .001; Set (F (1,350) =
715.135, p < .001). Results indicated that sarcasm
was expressed significantly more slowly than
sincerity and neutrality, and neutrality was produced
with a significantly faster speech rate than the other
attitudes.
Fig. 2 provides an example of the averaged timenormalized pitch contours of a target utterance
produced by the female participants in three attitudes,
revealing a flattened pitch in the sarcastic production.
Compared with the other attitudes, sarcasm produced
an F0 valley in a particular syllable, as shown in the
second syllable – the degree modifier, in the
exemplified sentence. Similar pattern was found
regarding the degree modifiers in other target
utterances produced by all the participants. The
analysis of the mean F0 revealed a significant
interaction between Attitude and Set (F (2,700) =
4.674, p = .010), together with a main effect for
Attitude (F (2,700) = 172.511, p < .001). The post hoc
comparison suggested that Cantonese participants
produced sarcasm with a significantly lower mean F0
than neutrality and sincerity, and neutrality with a
significantly lower mean F0 than sincerity. Regarding
the F0 range, significant main effects were found for
Attitude (F (2,700) = 26.416, p < .001) and Set (F
(1,350) = 8.512, p = .004). Sarcasm was produced
with a significantly smaller F0 range than sincerity
but with a significantly greater F0 range than
neutrality. In addition, the F0 range of sincerity was
significantly greater than that of sarcasm and
neutrality.

3.3. Gender differences

Analyses of the speech rate, mean F0, amplitude
range, and the HNR found significant interactions
between Attitude and Gender. Results of the pairedsample t tests suggested that sarcastic utterances were
produced with a significantly slower speech rate than
the sincere and neutral utterances by both male and
female speakers, but the durational difference was
significantly larger in male’s speech (t (1,359) = -7.88,
p < .001, see Fig. 3). Regarding the pitch variables
(see Fig. 4), mean F0 was found to significantly
discriminate sarcasm from sincerity for both males
and females. However, between sarcasm and
neutrality, a significant difference was found only for
female speakers (t (1,359) = -7.33, p < .001). In
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addition, the mean F0 difference between sarcasm
and sincerity by female speakers was significantly
larger than those by males (t (1,359) = 5.17, p < .001).
F0 range of sarcastic speech was significantly
narrower than that of sincere speech by both males
and females. However, sarcasm was found with
significantly smaller F0 range than neutrality by
female speakers only (t (1,359) = 2.83, p = .005). The
amplitude variables were found to significantly
distinguish sarcasm from the other attitudes for both
male and female speakers, but the difference between
the HNR of sarcastic utterances and that of sincere
utterances was significantly greater in female’s
production (t (1,359) = 2.91, p = .004).

range, [7] indicated that sarcasm was produced with
a narrower amplitude range, which was contrary to
our findings.
In addition, a reduction of mean F0 and mean
amplitude as well as a restriction of F0 range also
differentiated sarcasm from sincerity. It is reasonable
that pitch variables are the significant cues since a
change of pitch functions as an important strategy for
Cantonese speakers to convey pragmatic and
affective states [5]. Across languages, our findings of
F0 measures concur with those of English and
Mexican Spanish [4, 6, 8, 14, 15] but differ from
those of Italian and French [1, 11]. Most importantly,
our findings are in contrast to those in [7] saying that
Cantonese sarcasm was marked by a rise in pitch.
Possible explanations for the difference can be the
improved elicitation method in our study which let
the participants respond in a more natural way.
Considering the larger size of the responses and also
more participants in our study than [7], we believe
that the patterns found in the current study are reliable.
Despite the contrary finding on mean F0, the two
studies agreed on the pattern of F0 range.
Furthermore, amplitude variables were reported as
an inconsistent cue of sarcasm in English since results
varied in different studies [6, 16]. However, for
sarcasm in Cantonese, our findings about amplitude
were consistent with [7], showing the lowest mean
amplitude for neutrality and a lower mean amplitude
of sarcasm compared to that of sincerity. It seems
reasonable to conclude that amplitude is an acoustic
cue distinguishing sarcasm and sincerity in Cantonese.
Gender differences were examined across
attitudes in this study. Male and female speakers used
different cues to distinguish sarcasm from the other
attitudes. For instance, male speakers relied more on
decreasing their speech rates, while female speakers
mostly relied on changing their pitch variables. This
finding suggested that the compensation function of
duration used by male speakers of British English [8]
was also applied by Cantonese male speakers.
With respect to the target intensifier /ʦɐn˥hɐi˨/,
our findings showed that the acoustic values were
differed in the two sentence sets. For example,
utterances with the intensifier had a lower mean
amplitude and HNR as well as a faster speech rate.
However, it was unclear whether these changes were
attributed to the intensifier itself or the change on
values of the other parts of the sentence. Future
analysis of the data is underway.
To conclude, sarcastic intonation in Cantonese
was investigated using six acoustic markers.
Additionally, male and female speakers also relied on
different cues to signal sarcasm. Further study
examining the perception of these various sarcastic
cues is currently underway.

Figure 3: Average speech rate (z-scores) of the
target utterances across three attitudes by female
and male participants.

Figure 4: Average z-transformed F0 and F0 range
of the target utterances across three attitudes
produced by female (left) and male (right)
participants. Error bars indicate the standard errors.
Mirror image (right) is used for the comparison
purpose.

4. DISCUSSION
This study analysed six acoustic parameters for
utterances with sarcastic, sincere, or neutral attitude
in Cantonese, and compared each of the parameters
across attitudes by gender.
Overall, a slower speech rate, a greater amplitude
range, and a higher HNR were reported as the most
consistent markers of sarcasm in Cantonese, since
they significantly distinguished sarcasm with all the
other attitudes within each sentence set. For speech
rate of sarcasm, our findings shared the same pattern
with that of English [4, 6, 8, 15], Italian [8], French
[11], and Mexican Spanish [14]. However, sincerity
and neutrality was found to have the fastest speech
rate respectively in the previous study on Cantonese
[7] and in the current study. In terms of amplitude
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ABSTRACT

with high accuracy as a result of positive L1 transfer
and the benefit of learning each other’s language to
be negligible. Thus, we sought to gain a better
understanding of if and how the L1 experience with
consonant length contrasts might transfer to the
processing of non-native length contrasts by
comparing two groups of L1 Italian speakers with and
without Japanese learning experience. Their
identification of Italian and Japanese length contrasts
was compared to that of a group of L1 Japanese
speakers.
While numerous studies have demonstrated the
difficulties non-native learners have in the acquisition
of consonant length contrasts (in particular, learners
whose L1 does not use length contrastively, e.g.
English or Korean [5-8, 21, 22]), research focusing on
learners whose L1 does use length contrastively (e.g.
Arabic or Italian) is limited [14, 15]. However, given
a split in the phonetic literature regarding the positive
or negative role of previous linguistic experience for
both segmental [4, 24] and non-segmental [13-15, 17,
20-23, 25] features of speech sounds, we hope to gain
some valuable insight into cross-language perception
of consonant length by comparing listeners from two
different languages, Italian and Japanese.
While consonant length is contrastive in both
Italian and Japanese, some phonetic characteristics
linked to the phonological contrast are known to be
different. While vowels preceding geminates are
shorter (by up to 37%) than vowels preceding
singletons in Italian [3, 16], vowels tend to be longer
before geminates than before singletons in Japanese
[5, 9, 10]. This type of cross-linguistic phonetic
difference may affect how native Italian and Japanese
listeners process singleton vs geminate contrasts in
each other’s language.

Both Italian and Japanese use consonant length
contrastively. We investigated whether there is any
difference between two groups of native Italian
speakers with different Japanese experience in their
perception of native Italian and non-native Japanese
length contrasts. One of the groups included 14 Italian
learners of Japanese and the other group included 14
Italian speakers without knowledge of Japanese.
These two groups and a control group of ten native
Japanese speakers identified length contrasts in
Italian and Japanese. The two Italian groups did not
differ in identifying native Italian contrasts, but those
who were learning Japanese outperformed their
fellow Italian speakers without knowledge of
Japanese in identifying non-native Japanese contrasts
whilst not reaching the native Japanese level. We
tentatively conclude that, in cross-language
perception of the consonant length contrast in
Japanese, there is an additional benefit of Japanese
learning for native Italian speakers even when
positive transfer may be assumed.
Keywords: cross-language perception, consonant
length
contrasts,
Italian,
Japanese,
singleton/geminate.
1. INTRODUCTION
Languages such as Italian and Japanese use consonant
length contrastively. For example, in Italian, eco
means ‘echo’ and ecco means ‘here (it is)’. In
Japanese, on the other hand, yoka means ‘leisure’ and
yokka means ‘fourth day’. This is an area of
pronunciation that is known to pose difficulties to
non-native learners in both of these languages (e.g. [1,
5, 12, 19]). However, it is unclear what happens when
Italian and Japanese speakers learn each other’s
language. Would they still face difficulties in
processing consonant length in the non-native
language even though they are familiar with length
contrasts in their native language (L1)? In other
words, for L1 Italian and L1 Japanese speakers, we
might expect non-native contrasts to be discriminated

2. METHODS
2.1. Stimuli preparation

2.1.1. Speakers
Three (2 males, 1 female) native speakers of Italian
and seven (4 males, 3 females) native speakers of
Japanese in their 20-60s participated in the recording
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2.2. Participants

sessions lasting between 45 and 60 minutes. The
authors with expertise in phonetics/phonology of
these target languages auditorily confirmed that all
the speakers clearly differentiated the singleton and
geminate consonants by duration. The speakers were
recorded in a recording studio at a university in
Sydney, Australia or at a research institute in Tokyo,
Japan. They received $20 (or equivalent in Japanese
yen) for their participation. None of these speakers
participated in the perception experiment. According
to self-report, they had normal hearing.

Three groups of listeners participated. The first and
second groups consisted of native speakers of Italian
with (NNJ-Italian, 7 males, 7 females, mean age =
23.4, sd = 1.6) or without (NI, 7 males, 7 females,
mean age = 28.9, sd = 7.6) Japanese learning
experience, respectively. These Italian speakers were
students at a university in Turin, Italy. Two of the
NNJ-Italian listeners had JLPT (Japanese Language
Proficiency Test, according to which, the easiest level
is N5 and the most difficult level is N1) N2, six had
N3 and one had N4, respectively. The third group
(NJ) consisted of 10 (5 males, 5 females, mean age =
25.5, sd = 6.9) native speakers of Japanese. They were
recruited from the student/staff populations at
universities or from the local communities in
Australia or Japan. The participants were tested in a
sound-attenuated booth or quiet classroom on the
university campus in their country of residence.

2.1.2. Speech materials
Tables 1 and 2 show examples of Italian and Japanese
words used in this study. The /(C)VC(C)V(n)/ tokens
contained singleton or geminate consonants
intervocalically. Italian uses length contrasts for a
wide variety of phonemes differing in voicing, place
and manner of articulation [2, 16, 18]. In Japanese, on
the other hand, voiced obstruent geminates are
disfavoured and their occurrence is limited mostly to
loanwords [9, 11, 12]. The Italian items included
(C)VC(C)V (non)word tokens where the medial C
was /p t k b d f v s d n/. The Japanese items
included (C)VC(C)V(V/n) (non)word tokens where
the medial C was /p t k s t /.
To record the stimuli to be used in the perception
study, each word was presented on a computer screen
in random order and was produced in two separate
conditions: one in isolation and the other in a carrier
sentence (/diko X di nwɔvo/ ‘I say X again for Italian’
and /sokowa X to jomimasu/ ‘You read it as X there’
for Japanese). The pace of presentation was
controlled by the experimenter (the first author). The
speech materials were digitally recorded at a
sampling rate of 44.1 kHz and the target words were
segmented and stored in separate files. To avoid interspeaker variation in fluency (specifically, the duration
of a pause before and after the target (non)word), only
tokens produced in isolation were used as
experimental stimuli in this study.

2.3. Procedures

The procedures were identical to those used in our
previous research [22], i.e. forced-choice
identification task. The listeners responded to 84
Italian tokens and 252 (84 x 3 blocks) Japanese tokens
in a self-paced experimental session lasting between
30 and 40 minutes. The listeners’ task was to decide
whether the medial consonant was short/singleton or
long/geminate and indicate their choice on the
computer using a custom-made software application.
3. RESULTS
3.1. Overall results

Figure 1 shows the distributions of percentages of
correct identification for the Italian and Japanese
stimuli by the three groups of listeners. As expected,
all three groups were highly homogeneous at ceiling
and more accurate in identifying length categories in
their L1 than the non-native languages. The two
groups of interest, NNJ-Italian and NI, differed little
in their mean percentages for L1 Italian (99% vs 97%)
and were more accurate than the L1 Japanese group
(90%). However, the two Italian groups differed by
7% (96% vs 89%) with respect to the Japanese
stimuli. While the NNJ-Italian group was slightly less
accurate than the NJ group (99%) in identifying the
Japanese
singleton/geminate,
they
clearly
outperformed the NI group, demonstrating a positive
influence of Japanese learning.
A two-way repeated-measures analysis of
variance (ANOVA) with group (G: NJ, NNJ-Italian,
NI) as a between-subjects factor and stimulus
language (L: Italian, Japanese) as a within-subjects

Table 1: Examples of Italian test words used.

Manner
stop
fricative
affricate

Singleton
sete ‘thirst’
rosa ‘a rose’
agio ‘ease’

Geminate
sette ‘seven’
rossa ‘red’
aggio ‘premium’

Table 2: Examples of Japanese test words used.

Manner
stop
fricative
affricate

Singleton
saka ‘a slope’
sosen
‘ancestor’
ichi ‘one’

Geminate
sakka ‘an author’
sossen ‘to take the
initiative’
icchi ‘agreement’
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factor yielded significant main effects of G and L and
a significant two-way interaction effect. Table 3
shows the results of a two-way ANOVA.

in determining whether and to what extent
intervocalic singletons were misperceived as
geminates and similarly with respect to possible
misperception of intervocalic geminates as singletons.
The direction of misperception was expressed as the
percentage of target singleton or geminate tokens
erroneously perceived as the other category.

Figure 1: The distributions of correct identification
scores (%) by three groups of listeners (NJ, NNJItalian, NI). The bold horizontal line in each box
indicates the median. The bottom and top lines of
the box indicate the first and third quartiles. The
small points outside the box are outliers.

3.2.1. Italian stimuli
Figure 2 shows the distributions of singletons
misperceived as geminates and geminates
misperceived as singletons for the Italian stimuli.
While the two native Italian groups misperceived
very few tokens, the NJ listeners misperceived the
Italian geminates more frequently than the Italian
singletons.
Figure 2: Percentage of misperception according to
direction from singleton to geminate (shaded bars)
and from geminate to singleton (white bars) by three
groups of listeners (Italian stimuli).

Table 3: Results of Group x Language ANOVA.
Factor
G
L
GxL

df
2, 35
1, 35
2, 35

F
6.0
7.6
36.4

p
< .01
< .01
< .001

Table 4 shows the results of a one-way ANOVA
which assessed the effect of Group (not assuming
equal variances) for each language and Dunnett's
Modified
Tukey-Kramer
pairwise
multiple
comparison post hoc tests.
Table 4: Results of one-way ANOVA assessing
the effects of Group and multiple comparison tests
(significance level at .05).
L

df

F

p

Italian

2, 17.6

62.2

< .001

Japanese

2, 18.5

21.9

< .001

A two-way repeated-measures ANOVA with
group (G: NJ, NNJ-Italian, NI) as a between-subjects
factor and Direction of Misperception (D: singleton
as geminate, geminate as singleton) as a withinsubjects factor yielded significant main effects of G
and D and a significant two-way interaction effect.
Table 5 shows the results of a two-way ANOVA.

Betweengroup
comparisons
NJ < NNJItalian, NI
NI < NNJItalian < NJ

Table 5: Results of Group x Direction ANOVA.
Factor
G
D
GxD

Although, as already noted, the NNJ-Italian
listeners were not as accurate as the NJ listeners at
this stage, they were significantly more accurate than
the NI listeners in identifying the Japanese consonant
length contrasts. As for the Italian stimuli, only the NJ
listeners were significantly less accurate than the two
groups of Italian listeners who did not differ from
each other. Apparently, Japanese learning experience
did not interfere with the L1 Italian perception of the
NNJ-Italian listeners.

df
2, 35
1, 35
2, 35

F
154.7
20.2
23.3

p
< .001
< .001
< .001

The two-way interaction arose, presumably
because only the NJ group misperceived intervocalic
geminates more frequently than intervocalic
singletons.
3.2.2. Japanese stimuli
Figure 3 shows the distributions of singletons
misperceived as geminates and geminates
misperceived as singletons for the Japanese stimuli.
While the NJ listeners misperceived very few tokens,

3.2. Direction of misperception

In addition to overall accuracy of length identification
by three groups of listeners, we were also interested
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the Italian listeners, regardless of Japanese learning
experience, misperceived the intervocalic Japanese
geminates more frequently than the intervocalic
Japanese singletons.

more frequently than the NJ group, the NNJ-Italian
group outperformed the NI group and did not differ
from the NJ group in the identification of intervocalic
singletons.

Figure 3: Percentage of misperception according to
direction from singleton to geminate (shaded bars)
and from geminate to singleton (white bars) by three
groups of listeners (Japanese stimuli).

4. DISCUSSION AND CONCLUSIONS
This study examined the perception of Italian and
Japanese consonant length by three groups of
listeners differing in their L1 and experience with
Japanese. We were particularly interested in
determining if native speakers of Italian with and
without Japanese learning experience (NNJ-Italian
and NI, respectively) differ from each other in
identifying consonant length categories in their L1
Italian and in a foreign language, Japanese.
While the two Italians groups were highly
accurate and did not differ in the perception of L1
Italian contrasts, the NNJ-Italian group with Japanese
experience outperformed the NI group without
Japanese experience in identifying non-native
Japanese length contrasts. In other words, even for L1
Italian listeners who are familiar with contrastive
consonant length, learning Japanese was additionally
advantageous.
Language-specific
phonetic
characteristics of consonant length as reviewed in the
Introduction may play a role in how listeners perceive
familiar contrasts in unfamiliar languages.
Native Estonian speakers who use vowel duration
contrastively in L1 were native-like in perceiving
Swedish vowel length contrasts [14]. However, they
had lived in Sweden for at least 10 years and were
highly proficient in Swedish, suggesting that even
learners who are deemed to have an L1 advantage
need an enormous amount of high-quality input in the
natural environment to reach a level comparable to
native speakers. Because the NNJ-Italian group still
differed from the NJ group in some respects, future
research needs to include more advanced Italian
learners of Japanese to determine if there is an
absolute limit to native Italians’ perception of nonnative consonant length contrasts. It would also be
informative to include NJ learners of Italian (NNIJapanese) to explore if the pattern of results might be
mirrored. In sum, we tentatively conclude that there
is additional benefit of Japanese learning for L1
Italian listeners even though positive transfer may be
assumed.

A two-way repeated-measures ANOVA with
group (G: NJ, NNJ-Italian, NI) as a between-subjects
factor and Direction of Misperception (D: singleton
as geminate, geminate as singleton) as a withinsubjects factor yielded significant main effects of G
and L, but two-way interaction did not reach
significance. Table 6 shows the results of a two-way
ANOVA.
Table 6: Results of Group x Direction ANOVA.
Factor
G
D
GxD

df
2, 35
1, 35
2, 35

F
11.2
5.3
0.8

p
< .001
< .05
ns

The fact that the G × D interaction was not
significant suggests that the direction of
misperception was comparable across the three
groups of listeners. In other words, the listeners
generally had greater trouble with geminates than
with singletons as is seen in Figure 3.
Table 7: Results of one-way ANOVA assessing
the effects of Group and multiple comparison tests
(significance level at .05).
D

df

F

p

S as G

2, 18.0

11.5

< .001

G as S

2, 18.3

13.6

< .001

Betweengroup
comparisons
NI < NNJItalian, NJ
NI, NNJItalian < NJ
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repurposing pitch patterns from intonation cues to the
formation of abstract tone categories at the word
level. This hypothesis was tested with an experiment
on the incidental learning (i.e. learning without
intention) of tone-segment mappings. In tone
languages, a given syllable may in principle carry any
tones in their tone system. In some tone languages,
however, the segments of a word may pose
constraints on the possible tone a given word can
carry at the lexical level (“tone-segment mappings”).
For example, in many Chinese languages such as
Cantonese and Hakka, entering tones only appear in
words with a stop consonant such as /h/, /p/, /t/ or /k/
in the coda position [2, 9]. In Thai, the tone of a word
is determined by a complex interplay among the
initial consonant class, vowel length and syllable
type. For instance, the mid tone and the rising tone
only occur in syllables ending with a nasal stop, glide
or an open vowel (see [13] for details). The learning
of tone-segment mappings hinges on the perception
and encoding of both segments and abstract tone
categories at the word level, and thus tone-segment
mappings are suitable learning targets for testing
learners’ ability to form abstract tone categories never
before explored. The goal of the present study is to
determine the effects of prior experience in the
linguistic use of tones and musical training on the
formation of novel abstract tone categories at the
word level, as revealed by the incidental learning of
tone-segment mappings.

ABSTRACT
Most previous studies on second language (L2) tone
learning focused on explicit processes such as L2 tone
identification/discrimination. However, the ability to
identify/discriminate L2 tones does not entail the
ability to encode pitch patterns as abstract tone
categories at the word level, a pre-requisite for using
them as lexical cues. This contribution reports an
experiment on incidental learning of tone-segment
mappings, which hinges on encoding pitch patterns as
abstract tone categories at the word level. 80
Cantonese and English musicians and non-musicians
were recruited. Results show that while the four
subject groups distinguished the target tones similarly
well perceptually, Cantonese speakers showed a
learning effect of the target tone-segment mappings
but English speakers did not, regardless of their
musical background. This suggests that tone language
speakers are able to implicitly categorize pitch
contours as tone categories at the word level but nontone language speakers cannot, regardless of their
prior musical training.
Keywords: L2 tone learning, incidental learning,
tone-segment mappings, music and speech
1. INTRODUCTION
Tone languages (e.g. Cantonese, Thai, Vietnamese)
employ contrastive pitch patterns (i.e. lexical tones)
to distinguish lexical meaning. Lexical tones are often
reported to be difficult for L2 learners, especially for
those whose native language (L1) is a non-tone
language (e.g. English and French) (e.g. [5, 15, 16]).
However, the nature of the difficulty involved is still
far from clear. Most previous studies focused on
explicit processes such as L2 tone identification or
discrimination, and what factors—notably prior
linguistic background and musical training—may
contribute to better L2 tone perception and learning
(e.g. [7, 10, 17]). However, the ability to perceive or
discriminate different L2 tones explicitly does not
entail the ability to encode pitch patterns as abstract
tone categories at the word level, which is the prerequisite of using abstract tone categories as lexical
cues for word meaning contrast.
This paper is motivated by the hypothesis that, for
learners whose native language is non-tonal, a major
difficulty in learning novel lexical tones concerns

2. METHOD
2.1. Participants

80 participants (20 Cantonese musicians, 20
Cantonese non-musicians, 20 English musicians and
20 English non-musicians1) were recruited.
2.2. Learning targets

The learning targets involved two artificial rules on
the mappings between onset consonant and tone: i)
words beginning with an aspirated stop (e.g. /ph/, /th/
or /kh/) carry a rising tone; ii) words beginning with
an approximant (e.g. /l/, /w/ or /j/) carry a falling tone.
Only monosyllabic words were used in the
experiment, as tonal coarticulatory effect would have
been a confound for the study of tone processing if
polysyllabic words were used. To fully learn the rules
above, participants had to be able to 1) distinguish
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the same segmental content and differed only in tone
they carried (e.g. /suːaR/-/suːaF/. The order of the AB
pairs was counterbalanced (i.e. both AB and BA pairs
were used), resulting in 60 AB pairs.
A short practice was given at the beginning, followed
by 120 trials in the AX discrimination task (60 AA
pairs and 60 AB pairs). Both accuracy and reaction
time data were collected. No feedback was given
throughout the actual task. It was expected that the
two target tones should be easy for all the participants
to distinguish. If Cantonese and English learners
performed similarly well in this task, a further
question would be whether different participant
groups would show differential success in learning
the target tone-segment mappings.

perceptually the two classes of consonants (aspirated
stops vs. approximants) and the two lexical tones
(rising or falling); and more importantly 2) form
relevant segmental and abstract tone categories at the
word level and pick up their connections. Since our
focus was to determine whether participants could
form novel tone categories at the word level, it was
our intention to choose tones which should be easily
distinguishable (rising vs. falling) at the phoneticacoustic level, and onset consonants which are
phonological natural classes in both English and
Cantonese. No processing of meaning, which could
be a confound in many previous studies on lexical
tone processing, was required.
2.3. Stimuli and procedure

2.3.2. Word learning task

All stimuli used in the present study were
monosyllabic nonce words generated by the Salika
2011 Thai speech synthesizer, and thus the phonetic
realisations of the stimuli were based on Standard
Thai. Thai was chosen in order to minimise the effects
of prior linguistic knowledge for all the participants.
The learning of the target tone-segment mappings
was assessed with a word learning task. Before that,
an AX discrimination task was administered to test
whether participants could perceptually distinguish
the rising and falling tones in the learning targets.

The general design of the word learning task was
adapted from Chan and Leung [3, 4]. The task
consisted of a training phase and a testing phase.
Training phase. The goal of the training phase was to
expose the participants to the target tone-segment
mappings incidentally (i.e. without stating the target
rules). 72 (4x6x3) monosyllabic nonce words used in
the training phase were concatenations of the
following phonemes:
• Onset: /ph/, /th/, /l/ or /w/
• Nucleus: /i:/, /u:/, /o:/, /ɛː/, /ɔː/ or /aː/
• Coda: /m/, /n/ or /ŋ/
Words with an aspirated stop (i.e. /ph/ and /th/) in the
onset always carried a rising tone, whereas those with
an approximant (i.e. /l/ and /w/) in the onset always
carried a falling tone. By creating stimuli via
concatenations of phonemes, the frequency of each
phoneme in the nucleus and coda was the same for
words with an aspirated stop onset and words with an
approximant onset. This served to prevent
participants from relating the tone a word carries with
anything other than the nature of the onset consonant.
Participants were told that they were going to learn
words in an unknown language but were not told
anything about the language. In each trial,
participants were auditorily presented with a word.
They were asked to listen to the word carefully and
repeat it aloud as accurately as possible. To encourage
the participants to pay attention to the pronunciation
of the words, they were told that their voice would be
recorded. No visual information on the spelling or
meaning of the word was provided. Importantly, no
explicit information about the connections between
the initial consonant and tone type (i.e. the learning
targets) was provided. Participants’ pronunciation
accuracy during the training phase was not the focus
of the experiment and thus the production data were
not analysed. The 72 nonsense words were randomly

2.3.1. AX discrimination task
The goal of the task was to test whether participants
could distinguish the two tones (rising and falling) in
the learning targets. The monosyllabic nonce words
used in the task had either a CV or a CVV structure,
which were concatenations of phonemes and tones:
• Onset: /s/, /h/ or /f/
• Nucleus: /i:/, /e:/, /ɯː/, /ɤː/, /u:/, /o:/, /ɔː/, /iːa/,
/uːa/ or /ɯːa/
• Tone: rising (R) or falling (F)
The consonants /s/, /h/ and /f/ were chosen here in a
bid to avoid overlapping with the phonological
natural classes of the consonants involved in the
learning targets. The concatenations above resulted in
60 different monosyllabic nonce words (3x10x2). In
each trial, participants were auditorily presented with
two monosyllabic words with an inter-stimulus
interval of 500ms. They were instructed to indicate
whether the two words have the same pitch pattern or
not using a serial response box, and they were
instructed to make their decision as quickly as
possible. The two monosyllabic words in each trial
were either AA pairs (same-tone pairs) and AB pairs
(different-tone pairs). 60 AA pairs were formed by
repeating the monosyllabic words (e.g. /fi:R/-/fi:R/;
/hɤːF/-/hɤːF/). For the AB pairs, the two words shared
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presented and were repeated in four different blocks
to form a total of 288 trials.
Testing phase (pronunciation judgment task). In each
trial of the pronunciation judgment task, participants
were auditorily presented with two words and they
were asked to choose the one that “sounds better” to
them (instead of “choose the correct one”). This
encouraged the participants to use their intuition
rather than explicit knowledge in their judgment [12].
Previous studies on incidental/implicit learning (e.g.
[1, 6, 11]) have demonstrated that if participants
possess abstract and potentially rule-like knowledge
of the learning targets instead of merely memory of
the training items, they should be able to transfer their
knowledge to novel words/items. In this study we
included two kinds of items: critical items and
extension items [3, 4]. Sound pairs for the critical and
extension items (see details below) differed only in
terms of the tone they carried (e.g. /phɯːmR/ vs. /
phɯːmF/). As such, it was when participants
possessed knowledge of the target tone-segment
mappings that they would show a preference for
words which follow the target rules (e.g. /phɯːmR/ in
the case above).
The critical items were concatenations of the
following phonemes, resulting in 36 novel words:
• Onset: /ph/, /th/, /l/ or /w/
• Nucleus: /ɯː/, /eː/ or /ɤː/
• Coda: /m/, /n/ or /ŋ/
In other words, the critical items differed from the
items in the training phase only in their vowel in the
nucleus. If participants had acquired abstract
knowledge of the tone-segment mappings in the
training phase rather than merely memorising the
items encountered in the training phase, they should
show a preference for novel words that follow the
rules in the learning targets in the critical trials despite
the change in the vowel.
On the other hand, the extension items were
concatenations of the following phonemes, resulting
in another 36 novel words. They differed from those
in the training phase only in their onset consonants:
• Onset: /kh/, /j/
• Nucleus: /i:/, /u:/, /o:/, /ɛː/, /ɔː/ or /aː/
• Coda: /m/, /n/ or /ŋ/
Therefore, if participants had acquired abstract and
potentially rule-like knowledge of the target patterns
(e.g. if the onset consonant is an aspirated
stop/approximant, the word should carry a
rising/falling tone), they should be able to transfer
their knowledge to words with a new onset consonant
and show a preference for words which followed the
learning targets in their judgment. All stimuli in the
filler trials were words previously encountered in the
training phase (50% of the all the trials [8]).

3. RESULTS
3.1 AX discrimination task

Figure 1 shows the average accuracy and log-reaction
time (logRT) of the four groups for the AB pairs in
the AX discrimination task. In general, the four
groups achieved very high accuracy (92.4% to 95%)
and their average reaction time was very close (2.55
to 2.73). Table 1 presents the results of analysis based
on mixed-effects models; effect of any given factor
was tested by likelihood ratio tests of a full model
against a reduced model that excluded the effect to be
tested. Models had maximal random slope structures
as long as theoretically justified and can be converged
in R. Musical background showed no significant
effect on participants’ accuracy or reaction time.
Tonal experience showed a significant effect on
participants’ reaction time but not their accuracy. The
interaction between Musical background and Tonal
experience is non-significant for accuracy but
significant for logRT. These suggest that participants’
accuracy was mostly not affected by their prior
musical training and tonal experience, but tonal
experience has a relatively subtle facilitative effect
for their reaction time, potentially at the automatized
level. As expected, distinguishing a rising tone from
and a falling tone as in the learning targets was
generally easy for our participants.
Figure 1: Accuracy and logRT of the four
groups for the AB pairs in the AX
discrimination
task.
(C=Cantonese,
E=English; error bar = 1 SE)
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80%

2.8
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60%
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50%
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Table 1: Summary of the statistics of the mixed
model comparisons for the factors of interest in
the AX discrimination task.
Factor
1) Musical
background
2) Tonal
experience
3) Interaction
of 1 and 2
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Accuracy
χ2(1) = 0.562,
p = 0.454
χ2(1) = 0.960,
p = 0.327
χ2(1) = 0.465,
p = 0.495

LogRT
χ2(1) = 0.498,
p = 0.480
χ2(1) = 21.06,
p << 0.001*
χ2(1) = 99.08,
p = <<0.001*

3.2 Pronunciation judgement task

Group

Figure 4 shows the average accuracy of the four
groups for the critical items and extension items. For
both critical items and extension items, most English
participants performed at around chance level (50%)
but most Cantonese participants performed
considerably above chance level, regardless of their
prior musical training. Analysis based on generalised
linear mixed-effects models (see table 2) reveals that
musical background had no significant effect on
participants’ accuracy on either critical items or
extension items but tonal experience had a significant
effect on their accuracy of both kinds of items.

C musicians
C non-musicians
E musicians
E non-musicians
Group

C musicians
C non-musicians
E musicians
E non-musicians

Figure 2: Accuracy of the four groups for the
critical items and extension items in the
pronunciation judgment task (error bar = 1 SE)

Accuracy
(critical
items)
(%)
60.80
62.22
52.99
51.85
Accuracy
(extension
items)
(%)
55.65
55.94
50.28
49.58

Upper Lower
Bound Bound
65.17
66.53
57.56
56.44

56.26
57.70
48.37
47.24

Upper
Bound

Lower
Bound

59.89
60.17
54.60
53.89

51.33
51.62
45.96
45.26

4. DISCUSSION

100%
90%
80%
70%

The present study sought to test the effects of prior
musical training and tonal experience on the encoding
of pitch patterns as abstract tone categories at the
word level, as reflected in the incidental learning of
tone-segment mappings. It was found that despite
similar ability to distinguish tones perceptually,
Cantonese learners could learn the target tonesegment mappings but English learners could not,
potentially because English learners failed to
repurpose pitch from intonational cues to forming
tone categories at the word level [15]. Our study
demonstrated that forming abstract tone categories at
the word level may be difficult for English (and other
non-tonal languages) speakers, which is a prerequisite
of using abstract tone categories as lexical cues for
contrasting word meaning. Further research in L2
tone learning should focus on how non-tonal
language speakers may overcome such a processing
bias and how to facilitate the encoding of pitch
patterns as abstract tone categories at the word level
by non-tonal language speakers. In addition, our
findings also contribute to the long-standing effort in
the study of the relationship between music and
speech. Previous work has provided evidence for the
overlap and separation of the musical and linguistic
domains (see [10] for a review). However, a crucial
question about the relationship between music and
speech remain unexplored: i.e. whether prior musical
training may facilitate the formation of abstract
lexical tone categories. Our results show that prior
musical training does not facilitate the encoding of
pitch patterns as abstract tone categories at the word
level. This highlights an area of the separation
between the musical domain and the linguistic
domain.

60%
50%
40%
30%
20%
10%
0%

C_musicians

C_non-musicians

Extention items

E_musicians

E_non-musicians

Critical items

Table 2: Summary of the statistics of the mixed
model comparisons for the factors of interest in
the pronunciation judgment task.
Factor
Critical items
Extension items
2
1) Musical χ (1) = 0.001,
χ2(1) = 0.114,
background p = 0.975
p = 0.915
2) Tonal
χ2(1) = 5.315,
χ2(1) = 5.105,
experience p = 0.0211*
p = 0.0239*
Table 3 shows the 95% confidence intervals for the
prediction of each participant group. For both critical
items and extension items, the 95% confidence
intervals of both Cantonese musicians and nonmusicians do not contain the chance level value (50%
accuracy), revealing that they performed significantly
above chance and their knowledge of tone-segment
mappings was abstract and potentially rule-like.
However, the 95% confidence intervals for English
musicians and non-musicians contain the chance
level value, suggesting that they showed no learning
effect of the target tone-segment mappings.
Table 3: Average accuracy (% correct) on and
95% confidence intervals (from upper bound to
lower bound) of the critical items and
extension items (chance level = 50%).
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1

Subjects with six years or more formal musical training
and have played music/sang regularly in the past two
years were classified as musicians; those with less than 2

years of casual musical experience and have not played
music/sang regularly in the past 2 years were classified as
non-musicians (based on [10]).
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ABSTRACT

speakers are also found regarding the relative
prominence of different words within intonational
phrases. It should be noticed that word-level
prominence (i.e. the greater prominence of one
syllable over the others within the word domain) and
phrase-level prominence (i.e. the greater prominence
of some words within the domain of the phrase) have
very different functions in English. Word-level
prominence or word-stress is a matter of lexical
identity and may serve to distinguish words (e.g.
trusty, with initial stress, vs trustee, with final stress).
Phrase-level prominence (i.e. prenuclear and nuclear
accent), on the other hand, may have the function of
highlighting certain words for pragmatic purposes
and, in part, may also be rhythmic (in the case of
prenuclear accents) [7].
A question that arises is whether L1 Korean
speakers perceive phrasal prominence in English
using the phonetic features that cue accentual-phrase
prominence in Korean, namely pitch, and, because
there is an association in Korean between pitch and
consonant type, also consonantal features. Since
Korean lacks lexical stress, we may wonder whether
the judgments of prominence on certain syllables in
Korean that have been reported in the literature may
affect Korean-speakers’ perception of prominence in
English at the phrasal-level. That is, do Koreanspeaking English learners perceive words bearing a
high (H*) or rising (L+H*) accent as prominent in the
phrase? And, more interestingly, given the correlation
in Korean between H tone and word-initial fortis and
aspirated consonants, do they perceive English words
starting with a voiceless consonant as intrinsically
prominent, even if they do not bear a high or rising
pitch accent? (in which case, presumably, their
judgments concerning which words are prominent
may be quite unrelated to the pragmatic highlighting
intended by the speaker).
Here we report on an experiment that addresses
these questions, using naturally but carefully
produced English speech.

This study compares the perception of phrase-level
prosodic prominence in English by native English
speakers and by Korean-speaking learners of English.
Native speakers of both languages were asked to
indicate which words they perceived as prominent in
a recorded excerpt from a lecture. Our results show
that, like native English speakers, Korean learners of
English rely on duration and pitch to judge prosodic
prominence on different words in the phrase.
Interestingly, however, unlike native speakers of
English, Korean speakers also tend to assign greater
prominence to words that start with a voiceless
consonant. This can be explained as reflecting the
cuing of accentual-phrase-level prominence in
Korean, where initial aspirated and fortis consonants
attract a high tone and trigger the perception of
prominence on the initial syllable.
Keywords: prosody, prominence, transfer, English,
Korean
1. INTRODUCTION
Korean and English differ substantially in their
prosodic systems [1]. Unlike English, where words
may contrast in the position of the stressed syllable,
Korean lacks contrastive word-level stress. Within an
accentual phrase, Korean speakers tend to perceive
prominence on the first syllable bearing a H tone [2,
3, 4, 5]. Prominence at this level is thus cued by pitch.
Indirectly, there is also a consonantal effect on
prominence. This is because the prominence-lending
H usually loosely aligns with the second syllable of
the accentual phrase, except that when the first
syllable of the accentual phrase starts with a fortis or
aspirated consonant, it aligns with the first syllable
instead, which is thus perceived as prominent [4].
Perhaps because of these differences between the
two languages in the functions and realization of
prominence, Korean learners of English show a
different behaviour from native speakers in their
judgments regarding prosodic patterns at the lexical
level in English; i.e., their intuitions about which
syllable in an English word is lexically stressed [6].
Something that remains to be examined, and we
explore here, is whether these differences between
Korean learners of English and native English

2. METHOD
2.1. Participants and experimental task

Thirty Korean speakers and thirty-five speakers of
American English participated in the perception
experiment reported in this paper. The Korean
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speakers were advanced learners of English and were
tested at a university in Korea. None of them had
lived in English-speaking countries for more than
three months. The English-speaking participants were
undergraduate students at a university in the U.S.
Midwest.
Participants were asked to listen to an excerpt and
simultaneously mark on a transcript of the same
excerpt those words that they perceived as prominent.
The excerpt is a complete and intact public speech
from TED Talk titled “Try Something New for Thirty
Days” [8], delivered by a male speaker of American
English in clear and engaging manner (t = 2’25”). The
excerpt contains 361 words and was presented
without punctuation or capitalization. We used an
acoustically-based, rather than pragmatically-based,
definition of prominence, using in this definition
those properties that have been found to correlate
with phrasal prominence in English. Prominent words
were defined for participants as “words that stand out
in the speech stream by virtue of being louder, longer,
more extreme in pitch, or more crisply articulated
than other words in the same utterance.” Korean
participants completed this task on paper. Native
English speakers, tested in the US, completed the
same task, but using a computer interface to record
their responses [9]. Participants were able to listen to
the excerpt twice.

labels with the same starred tones (!H* for H+!H*) or
with similar contour shapes (L+H* for L*+H).
For the statistical analysis of the results, a mixedeffects binomial logistic regression (glmer) was run
using the lme4 [13] and afex [14] packages in R [15].
Participants’ prominence markings for each word, as
dependent variable, were modelled in relation to L1
group (English vs Korean), maximum f0, mean phone
duration, mean word intensity, initial phoneme and
the interaction between L1 group and all other fixed
factors. Pitch-accent labels were not entered in the
model as they may correlate with other acoustic
measures, especially, maximum f0. Participant was
entered as a random factor (another model with the
same structure, but adding word as a second random
factor failed to converge).
For further analysis, we added up the number of
prominent responses for each word in the excerpt.
This is reported as a prominence-score or p-score
ranging from 0 to 1 [16], where a p-score of 1
indicates that 100% of the participants marked the
word as prominent and 0 means that none of the
participants marked it as prominent. We calculated pscores for the L1 and the L2 groups. The relation of
ToBI labels (which were not entered in the
regression) and p-scores will be discussed only
informally.
3. PREDICTIONS

2.2. Analysis

For L1-English participants, we expect pitch,
duration and intensity to affect their prominence
judgments. No effect of word-initial phoneme is
expected. Regarding L1-Korean participants, we also
expect them to use pitch, and perhaps the other
phonetic cues mentioned in the instructions that they
received, to assign perceived prominence to words. In
addition, we predict that, in their decisions regarding
whether a word sounds prominent or not, Korean
speakers may take the nature of the word-initial
phoneme into account, given the effects of wordinitial segments in the intonational phonology of
Korean. In particular, words starting with voiceless
obstruents (which corresponds to the fortis and
aspirated classes of Korean) are predicted to be
judged as prominent more frequently than other
words, other things being equal, resulting in higher pscores for these words. Notice that, although
participants were asked to judge the prominence of
words, not of different syllables, given the very high
incidence of monosyllabic words in non-technical
English discourse (as can be seen in the example in
Figure 1, where almost all words are monosyllabic),
participants can be expected to conflate both levels of
prominence, especially as Korean lacks word stress.

For each word in the sound file, we extracted
information on the three acoustic properties
mentioned in the instructions to participants: pitch,
calculated as maximum f0 in the word, duration,
operationalized as mean phone duration (word
duration divided by number of phones), and mean
word intensity. This information was obtained using
ProsodyPro [10]. Raw numbers were converted into
z-scores for statistical analysis. In addition, every
word was classified as starting with (a) a voiceless
obstruent, (b) a voiced obstruent, or (c) a sonorant
consonant or a vowel.
An additional analysis of the stimuli involved the
prosodic labelling of all words in the sound file in
Praat [11] following the ToBI Annotation
Conventions [12]. This was done by two expert
labellers (including one of the authors), who
produced a consensus label for each word. This
annotation produced four pitch-accent labels, L* (n =
19), !H* (n = 34), H* (n = 66), and L+H* (n = 65), in
addition to a larger class of unaccented words (n =
177). There were other types of pitch-accent labels,
H+!H* (n = 1) and L*+H (n=3), and due to small
sample size, those labels were assigned to the other
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There is a significant effect of L1, initial phoneme, f0
and duration, but not intensity. The interactions show
that the two L1 groups differ significantly in the
effects of initial phoneme on their prominence
ratings, with words starting with a fortis consonant
being treated differently from words with other initial
sounds for L1-Korean participants. Native Korean
speakers crucially differ from native English speakers
in that, in addition to using pitch and duration in
judging the prosodic prominence of words, they are
influenced by their initial phoneme. Korean speakers
tend to rate words as prominent if they begin with a
voiceless obstruent consonant, while English
speakers do not or not to the same extent.
In Figure 2, we further explore the interaction
between word-initial phoneme and L1 (with visreg
[17]). In this figure, on the x-axis, words are classified
in three groups according to their word-initial
phoneme (Sonorant = sonorant or vowel, Lenis =
voiced obstruent, Fortis = voiceless obstruent) and the
y-axis shows estimated perceived prominence.

4. RESULTS
Native English speakers and L1-Korean participants
had similar but not identical judgments of
prominence. An example is provided in Figure 1, for
the phrase “A few years ago, I felt like I was stuck in
a rut”.
Figure 1: Example of prominence rating of words
in a phrase by native English speakers (solid line)
and native Korean speakers (dotted line).

Figure 2: Model estimated effects of word-initial
phoneme on L1-English (left) and L1-Korean
participants’ (right) perceived prominence.

As can be seen in this figure, for most words the pscores obtained from both groups of participants are
very similar. For example, both groups of participants
overwhelmingly rated the words “stuck” and “rut” as
being prominent, and there was also a consensus in
both groups that most function words did not carry
prominence. Korean speakers (dotted line), however,
differed from English speakers (solid line) in judging
prosodic prominence for the words “few” and “felt”
(which start with a voiceless consonant). Whereas
over 60% of Korean-speaking participants marked
prominence on these two words, less than 10% of
English-speaking participants did.
Table 1 shows the results of the mixed-effects
binomial logistic regression model on the prominence
judgements provided by native speakers of English
and Korean.

Although this figure shows a somewhat higher
estimated prominence for words starting with a
voiceless consonant for both groups of speakers, this
effect is much greater for Korean speakers. Korean
speakers are more likely to perceive as prominent
words with an initial voiceless obstruent consonant
than words starting with other phonemes.
The effect of word-initial phoneme type on
perceived prominence is also shown in the density
plots of p-scores (from 0 to 1, on the x-axis) in Figure
3 (made with the r-package ggplot2 [18]). For L1Korean participants (right-hand panel), words starting
with a fortis (voiceless) consonant (blue line) show a
different distribution from other others, with fewer
items towards the lower end and more words towards
the higher end of the p-score scale. For L1-English
participants (left-hand panel), on the other hand,
words starting with a fortis consonant show a

Table 1: glmer results for perceived prominence in
relation to speaker’s L1, and the interaction between
speaker’s L1 and other factors
(Intercept)
L1
Korean
Word-initial Sound
Lenis
Fortis
Acoustic Cue
Max f0
Mean phone duration
Mean word intensity
L1:Word-initial Sound
Korean:Lenis
Korean:Fortis
L1:Acoustic Cue
Korean:Max f0
Korean:Mean phone duration
Korean:Mean word intensity

est.
-1.96

SE
.09

z
-21.37

p
< .01***

.39

.13

2.94

< .01***

-.14
.48

.08
.06

-1.79
8.15

.07
< .01***

.50
.88
-.02

.03
.03
.03

18.31
32.64
-.62

< .01***
< .01***
.53

.17
.38

.11
.08

1.60
4.66

.11
< .01***

.06
-.01
-.07

.04
.04
.04

1.65
-.25
-1.57

.10
.80
.12
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distribution that is much more similar to that of the
other two classes of words. (Small differences may be
due to interaction with factors not considered here,
such as lexical class and information status, which
have been shown to affect prominence marking in
experiments with the same methodology [16, 20]).

for unaccented words. With one partial exception, the
effect of accent type is also the same for both groups,
with the bitonal accent L+H* being judged as the
most prominent, and H* words receiving higher pscores than words labelled as !H*. The interesting
difference is that words with an L* accent were given
much higher p-scores by Korean speakers than by
native English speakers. But, for native English
speakers as well, L* resulted in relatively high pscores, second only to L+H* words, (compare with
[20]). The explanation is perhaps that, in the excerpt
that our participants judged, L* is very often used at
the end of a phrase to indicate continuation in
conjunction with a high boundary tone. This
interaction between accent and boundary may have
triggered the perception of prominence, especially for
native Korean speakers.

Figure 3: Density plots of p-scores by word-initial
phoneme type for L1-English (left) and L1-Korean
participants.

5. DISCUSSION
This study has investigated how Korean learners of
English perceive phrasal prominence in English. We
have reported on the results of an experiment where
native English speakers and native speakers of
Korean were asked to indicate which words they
perceived as prominent in a motivational lecture.
Both native speakers of Korean and native English
speakers relied on mean phone duration and
maximum f0 in judging the prosodic prominence of
individual words. In addition, Korean speakers were
found to be more likely to associate prosodic
prominence with words with an initial voiceless
consonant than with words with an initial voiced
obstruent or a sonorant or vowel. This makes sense
when we consider phrasal tone assignment in Korean,
where a high tone is assigned to the initial syllable of
words starting with a fortis or aspirated consonant,
while a low tone is assigned to the initial syllable of
words with an initial lenis consonant or sonorant. This
is, of course, not a pattern that we find in English,
where the distribution of pitch accents in the phrase is
dictated by pragmatic and rhythmic considerations.
Interestingly, Korean participants tended to perceive
words starting with a voiceless obstruent as
prominent even in the absence of strong pitch cues.
The association between initial fortis/aspirated
consonants and prominence thus appears to be
somewhat phonologized in Korean, to the extent that
it is used in judgments of prominence in a second
language.

To complete the analysis of the data, we now
consider the relation between the p-scores obtained
for individual words and their ToBI accentual labels.
Figure 4 shows words’ prosodic prominence as
perceived by native English speakers (left panel) and
native Korean speakers (right panel), separately for
words with each of the accentual labels that were used
in our ToBI analysis. The x-axis shows the accentual
status of words and the y-axis indicates p-scores.
Figure 4: Prosodic prominence perceived by native
English speakers (left panel) and native Korean
speakers (right panel) in relation to pitch accent
type. Unacc = unaccented; accented words are
further specified by accent type, L*, !H*, H*, and
L+H*.

6. ACKNOWLEDGEMENTS
This research was supported in part by NSF BCS 1251343.7. We are thankful to Jennifer S. Cole for input
at different stages in the development of this work.

Both groups of participants judged unaccented words
as prominent with much lower frequency than words
labelled as accented, resulting in much lower p-scores
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variants more quickly the more frequent these are,
and the more they thus can be expected.
This raises the question about the relevance of
listeners’ expectations based on the word
pronunciation variants’ frequencies compared to
ease of reconstruction based on degree of reduction.
We investigated this question by testing listeners’
processing of French words ending in an obstruentliquid-schwa cluster, such as ministre /ministrə/
‘minster’ and fenêtre /fənɛtrə/ ‘window’.
We showed in a corpus study [2] that, in casual
French, the cluster occurs in seven variants. The
most frequent variant does not contain schwa
(35.7% of tokens), while in another frequent variant
the cluster is completely absent (15.5%, e.g. /minis/
for /ministrə/, henceforth Ø variant). In contrast, the
cluster is seldom produced with just the liquid (1%,
e.g. /minisr/, henceforth L variant). That is, the most
reduced variant (Ø variant) is more frequent than a
less reduced variant (L variant). Comparison of the
processing of the two variants can thus show
whether processing is more hindered by a low
frequency of occurrence or by more reduction.
We tested native listeners and advanced learners
of French. Like natives [1, 5], foreign language
learners recognize a reduced word pronunciation
variant more easily the lower its degree of reduction
[6] and the higher its frequency of occurrence [1],
but, due to learners’ limited experience with reduced
variants (e.g. [9, 16]), the detrimental effect of
reduction degree may be larger than for natives. This
may explain why learners have difficulties
understanding reduced variants of words (e.g. [6, 11,
17]). We tested learners to further document their
difficulties with reduced variants and to see whether
they process these variants differently from natives.
We tested our participants in a lexical decision
experiment with cross-modal identity priming. The
prime words were embedded in sentences.

ABSTRACT
In casual speech, words are often reduced. Previous
research has shown that both native listeners and
learners of a foreign language recognize reduced
word pronunciation variants more quickly the more
frequent they are and the less they deviate from the
words’ full variants (e.g. [1, 5]). We investigated the
relevance of a variant’s frequency of occurrence
compared to its degree of reduction in word
recognition. We tested native listeners and advanced
learners of French on the processing of French
words ending in obstruent-liquid-schwa clusters,
with a cross-modal identity priming task.
The experiment showed that advanced learners
suffer more from reduction than natives. Moreover,
all participants recognized the highly frequent,
strongly reduced variants more quickly than the low
frequency, weakly reduced variants. This suggests
that listeners’ experience with a reduced variant
plays a more important role in word recognition than
its similarity to the word’s full variant.
Keywords: spoken word recognition,
reduction, frequency of occurrence, French

speech

1. INTRODUCTION
In casual conversations, words are often produced
with fewer segments than in formal speech (e.g. [7]).
For instance, the English word police is often
produced without its schwa (/pli:s/). This study
contributes to the growing body of research
addressing the question of how reduced word
pronunciation variants are recognized by native
listeners and advanced learners of a language.
Listeners
may
process
reduced
word
pronunciation variants by reconstructing the full
variants, based on subsegmental acoustic cues (e.g.
[4, 15]) and violations of the language’s phonotactic
constraints (e.g. [14]). Reconstruction is facilitated
by a smaller degree of reduction (e.g. [5]).
Listeners also recognize reduced words more
easily if they expect the words given the meaning
and syntax of the context (e.g. [15]). Moreover,
several studies (e.g. [1, 12]) have shown that
listeners process reduced word pronunciation

2. EXPERIMENT
2.1. Participants
We tested 57 French native speakers from Paris
(aged 17-35 years; mean age: 22.4 years; 13 males)
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and 55 Dutch undergraduate students of French
(aged 17-44 years; mean: 21.9 years; 5 males). The
natives were born and raised in the north of France
and their parents were also native speakers of
French. The learners’ proficiencies roughly
corresponded to the C1-C2 level according to the
Common European Framework of Reference for
Languages [3]. All participants received financial
compensation for taking part in the experiment.

prime sentences, using Adobe Audition 1.5 and a
Sennheiser ME 64 microphone, and digitized the
speech at a sampling rate of 44.1 kHz, a 16-bit
quantization. We made four recordings of the
sentences with prime words identical to the visual
targets. For the first recording, we did not provide
the speaker with detailed instructions. The resulting
sentences had a mean rate of 5.6 syllables per
second and contained few reductions: mostly schwa
reduction in highly frequent words (e.g. /d/ instead
of /dǝ/ de ‘of’ and /dvnir/ instead of /dǝvnir/ devenir
‘to become’), and reduction of the final schwas of
nine prime words. We then asked the speaker to
pronounce each sentence three more times, realizing
the prime words in an unreduced way, in the L
variants, and in the Ø variants. We cross-spliced the
prime words from these latter three recordings in the
recordings we obtained without providing the
speaker with detailed instructions.
We made two recordings of the prime sentences
with prime words that were not identical to the
targets. We cross-spliced the prime words from the
first recordings into the second recordings. The
mean speech rate was 5.9 syllables per second for
the experimental sentences with non-identity prime
words and 6.0 for the filler sentences. All sentences
were scaled to the same average intensity level.
Figure 3.1 presents the durations of the four types
of prime words for the experimental target words.
The unreduced variants (mean: 351 ms) were
significantly longer than the L variants (mean: 307
ms, p < .05) and the Ø variants (mean: 232 ms, p <
.001) of the identity prime words. The latter two also
differed significantly from each other in duration (p
< .001). Word-final schwa was absent in 83.3% of
the unreduced variants. It was maximally 30 ms.

2.2. Stimuli
Forty-eight French content words ending in an
obstruent-liquid-schwa cluster (28 monosyllabic, 20
bisyllabic; 40 singular, 8 plural) were selected from
vocabulary lists in teaching methods used at Dutch
secondary schools, and served as experimental
visual targets (e.g. spectacle ‘show’). In order to
have an equal number of required yes- and noresponses in the lexical decision task and to avoid
words ending in obstruent-liquid-schwa clusters
being the only words requiring yes responses, we
added 139 filler words as visual targets, of which 42
were real words and 97 were pseudo words (63
monosyllabic, 76 bisyllabic; 119 singular, 20 plural).
The pseudo words consisted of real French syllables
and did not resemble real Dutch words.
The visual target words were combined with
auditorily presented prime sentences, each
containing a prime word. The prime word for an
experimental target word was either: 1. an
unreduced variant of that target word (e.g.
/ministʁ(ǝ)/ for ministre ‘minister’); 2. its low
frequency L variant (e.g. /minisʁ/ for ministre); 3. its
high frequency Ø variant (e.g. /minis/ for ministre);
or 4. a semantically and phonetically unrelated word
(e.g. virage ‘turn’ for ministre). The prime words
for 60 pseudo word targets were phonetically related
to these targets. We thus discouraged participants
from associating phonetic overlap between the
auditory prime word and the visually presented
target word with a yes response in the lexical
decision task. The prime words for the 42 real filler
targets were phonetically unrelated to these targets.
The prime words were in sentence-medial
position and did not carry sentence accent. For
instance, the prime sentence for cercle ‘circle’ was
J'ai fait un cercle parfait sans compas ‘I made a
perfect circle without compass’, with accent on
parfait ‘perfect’. Each prime word was followed by
a consonant initial word and minimally one more
word. Participants could not predict the prime word
based on the main verb in the sentence (e.g. penser
‘to think’, faire ‘to do’, prendre ‘to take’).
We recorded a 28-year-old French female
speaker from the north of France pronouncing the

Figure 1: Duration (in ms) of the four different
experimental types of prime words.

We created eight stimulus lists, each containing
all filler and experimental target words with prime
sentences. In each list, the prime words for 12
experimental targets were their unreduced variants,
for 12 the L variants, for 12 the Ø variants, and for
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trials in which the experimental target words had
correctly been classified as real words (5062 trials).
Since the accuracy (51% correct) and the RT (mean:
1274 ms) for the target word chantre ‘cantor’ were
very different from the average accuracy (96%
correct) and average RT (mean: 928 ms) for all other
words, we excluded this word from our analyses.
Furthermore, we excluded two extremely slow
Dutch participants in order to obtain a normal
distribution of the RTs. Finally, RTs deviating from
the new mean (906 ms) by more than 2.5 times the
standard deviation (1101 ms) were considered as
outliers and were removed. This resulted in 4916
observations for analysis (91.1% of all data).

12 the prime words were unrelated. The 48
experimental targets occurred equally often in the
four priming conditions across the eight lists. The
lists differed in their order of the targets. Each list
was preceded by four practice trials (two with real
target words of which one was preceded by an
identity unreduced prime word).
2.3. Procedure
All participants were tested in sound-attenuated
booths. The natives were tested in Paris, at the
Laboratoire Charles Bruneau of the Institut de
Linguistique et Phonétique Générales et Appliquées,
while the Dutch were tested in the Netherlands,
either at the Max Planck Institute for
Psycholinguistics in Nijmegen, or at the Universities
of Amsterdam, Groningen, Leiden, or Utrecht.
The experiment was presented in E-prime 2.0
[13] from a laptop. Each participant listened to the
sentences from one stimulus list via Sennheiser HD
125 headphones. At the auditory prime word’s
offset, the target word was displayed in lower case
(18-point Courier New), at the centre of the screen.
The target word was presented at prime word offset
as the prime word is likely to be recognized by then
(e.g. [8]). The target word was visible for 3,000 ms.
Participants were asked to indicate for each
visually presented stimulus whether it was a real
French word or not as quickly and as accurately as
possible. Right handed participants responded by
pressing the key ‘m’ for ‘yes’, and the key ‘z’ for
‘no’, on the keyboard. For left-handed participants,
the ‘yes’ and ‘no’ keys were reversed.
The next auditory stimulus was played 1000 ms
after a key response or 4000 ms after prime word
offset when the participant had not yet responded.
Sentences were always played in their entirety. The
187 trials were divided in three equal blocks,
separated by short breaks in the experiment.
The lexical decision task with cross-modal
priming was followed by a dictation task (not
reported here) and a background questionnaire. A
complete session lasted approximately 30 minutes.

Figure 2: RTs in the four priming conditions, for the
native listeners (left) and the learners (right).

Figure 2 summarizes the RTs in the four priming
conditions, both for the natives and the advanced
learners. We analyzed the RTs by means of mixedeffects regression models, with target word and
participant as crossed random effects and with prime
word type (unreduced identity, L variant identity, Ø
variant identity, unrelated) and participant group as
the main fixed predictors. We also added several
control predictors in order to reduce the variance in
the data: prime word duration, trial number, previous
RT, and the target word’s log-transformed word
frequency as listed in Lexique 3.80 for books [10].
Furthermore, we investigated whether distance (in
ms) between prime word offset and sentence offset
predicted response times. If so, listeners postponed
their lexical decisions till sentence offset. Random
slopes were tested for all fixed predictors. We only
retained those predictors in the model that showed
statistically significant simple effects or figured in
statistically significant interactions.
The final model showed that the Dutch
participants were faster than the French natives (β =
-180.87, t = -4.33), although this difference was
larger for some target words than for others, as
indicated by a random slope of participant group by
target word. The Dutch probably pre-activated fewer
words during the processing of the primes than the
natives. Moreover, the Dutch, but not the French,

2.4. Results
Both the French natives and the Dutch advanced
learners performed well on the visual lexical
decision task. The mean accuracy score on the 48
target words was 96.7% for the French natives and
91.0% for the Dutch learners. The mean accuracy
score on the pseudo words was 97.3% for the French
natives and 78.9% for the Dutch learners.
We analyzed the RTs, measured from the onset
of the presentation of the visual stimulus, for the
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responded faster to target words that occur more
often in books (simple effect for the natives: β =
2.67, t = -0.35; interaction with participant group: β
= -25.06, t = -2.20). A random slope of frequency by
participant shows that this effect varied per
participant. Furthermore, all participants were
slower if they were also slow in the previous trial (β
= 47.69, t = 7.59) and they all grew faster per trial (β
= -41.16, t = -5.21). Random slopes show that these
effects also differed per target word and participant.
More importantly, we found that participants
responded faster to target words primed by
unreduced identity prime words (intercept) than to
those primed by unrelated words (β = 64.28, t =
4.45), by L variants of identity prime words (β =
56.38, t = 4.69), and, for the Dutch, by Ø variants of
identity prime words (simple effect: β = 21.94, t =
1.83; interaction with group: β = 34.31, t = 2.10).
This result suggests that the Dutch advanced learners
benefited most from unreduced identity primes.
We then compared RTs obtained with priming
from the L variants and the Ø variants of the identity
prime words, by rerunning the model with the L
variants on the intercept. We found that both natives
and learners responded faster to target words primed
by the Ø variants than by the L variants of the
identity prime words (ß = -34.43, t = -2.85, p < .01).
This suggests that both participant groups were more
hindered by a low frequency of the prime word
variant than by a high degree of reduction.
We also found an effect of the duration of the
sentence following the prime word. With the
unreduced identity prime word on the intercept, we
found a simple effect of this duration (β = 32.32, t =
2.84) and a significant interaction with the L variant
(β = -33.97, t = -2.46). These results show that the
longer the sentence is after the prime word, the more
slowly the French participants responded, except
when the target word was primed by an identity
prime word in its L variant.
The Dutch learners showed a different pattern, as
indicated by the interactions of participant group
with remaining duration (β = -34.09, t = -2.10) and
between these two variables and the Ø variant (β =
38.80, t = 1.97) and the L variant (β = 50.58, t =
2.61) of the identity prime word. The Dutch showed
an effect of the remaining duration of the sentence if
the prime word was presented in its Ø or L variant,
that is, in any reduced variant.

listener groups showed substantial priming from
unreduced and highly reduced identity prime words.
They thus recognized highly reduced variants
sufficiently quickly to speed up the processing of
directly following words.
Second, unlike the native listeners, the learners
showed more priming from the unreduced than from
the highly reduced identity prime words. Hence,
although the Dutch learners showed priming from
both variants, they had more difficulties processing
the highly reduced variants. This result complements
previous results reporting advanced learners’
problems with identifying highly reduced word
pronunciation variants (e.g. [6, 11, 17]).
Third, both listener groups showed more priming
from identity prime words occurring in a common,
highly reduced, variant than in an infrequent, weakly
reduced, variant. This suggests that both groups
suffered less from the high reduction degree than
from the low frequency of a word pronunciation
variant. Listeners’ experience with a reduced variant
appears to be more important for the recognition of
this variant than ease of reconstruction based on
reduction degree.
Finally, for both listener groups, there was an
effect of the time interval between prime word offset
and sentence offset. The natives showed this effect
except when the target word was primed by the
infrequent, weakly reduced identity prime word.
They thus seem not to have taken the remainder of
the sentence into account when the variant of the
prime word was infrequent, and therefore difficult to
process. The Dutch learners, in contrast, only
showed an effect of the duration of the remainder of
the sentence when the prime word was reduced
(weakly or highly). They thus appear to have applied
the opposite strategy from the natives: they took the
remainder of the sentence into account when the
prime word was difficult to process. The fact that the
unreduced and the Ø variant of the identity prime
word pattern together for the natives but not for the
learners also suggests that the learners suffered more
from the Ø variant than the natives did.
In conclusion, this study showed that advanced
learners suffer more from reduction than native
listeners. Moreover, a listener’s experience with a
reduced word pronunciation variant appears to play
a more important role in the recognition of that
variant than its similarity to the full variant, which
may index ease of reconstruction of that full variant.

3. DISCUSSION
4. ACKNOWLEDGMENTS
The lexical decision task with cross-modal identity
priming produced several insights on the processing
of reduced word pronunciation variants by natives
and advanced foreign language learners. First, both
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accurately than NH listeners: f0 and vowel quality [3,
10, 16], where stressed syllables are higher in average
f0 than unstressed syllables and show a (high) f0 peak,
whereas vowels in unstressed syllables are more
centralised compared to their stressed counterpart
[14]; the vowel is usually reduced to schwa [7].
Languages have been found to differ in the relative
weight they attach to these cues: in Dutch, f0
differences have a greater functional weight than the
vowel quality contrast in signalling lexical stress,
whereas in English the opposite is true [5, 14].
Moreover, the cue-weighting theory not only states
that languages differ in the relative weight they attach
to cues, but also that listeners may transfer the cueweighting strategies from their native language (L1)
into their L2 [9, 12]. Accordingly, Dutch L2 learners
of English are expected to rely more on f0 differences
when identifying lexical stress in L2 English than on
the vowel quality contrast.
The question in this paper is how the transfer of
cue-weighting strategies may be affected by
degradations imposed by a CI simulation. Research
has indicated that CI users can more accurately
differentiate between vowels than f0-related prosodic
contrasts both in isolation [10] and in a single-word
context [16], suggesting there is a perceptual
hierarchy between these cues where the vowel quality
contrast is more perceptually salient in electric
hearing than f0 differences. While CI users adapt to
degradations and develop long-term perceptual
strategies to compensate for them [2], a CI simulation
is a good first step to identify approximate acute
effects of acoustic-phonetic degradations of electric
hearing. As a result, if listeners mostly rely on the cue
that is perceptually more salient, this would mean that
Dutch L2 learners of English mainly rely on the
vowel quality contrast when identifying lexical stress
in L2 English CI-simulated words, which is the
opposite of what the cue-weighting theory predicts.
In this study, we investigate whether the
perception of L2 English lexical stress in CIsimulated words is mostly influenced by a transfer of
cue-weighting strategies or by the perceptual salience
of available cues to lexical stress, where we consider

ABSTRACT
This study investigates how the perception of L2
lexical stress is affected by an acoustic simulation of
cochlear implants (CIs). We explore whether Dutch
L2 learners of English are influenced by f0 differences
or a vowel quality contrast when identifying lexical
stress in L2 English words degraded by a CI
simulation and whether listeners transfer cueweighting strategies of the L1 into the L2. Results
indicate that the identification of lexical stress based
on a five-by-two matrix varying in f0 and vowel
quality was, as hypothesized, strongly compromised
in the CI simulation, but that the lexical stress
identification strategies for neither the unprocessed
nor the CI-simulated stimuli differed between L1
Dutch and L2 English. This suggests that the lexical
stress identification strategies of the L1 may have
been transferred into the L2 and that the CI simulation
of the present study affected L1 Dutch and L2 English
lexical stress perception similarly.
Keywords: perception; second language learners;
prosody; lexical stress; cochlear implant simulation
1. INTRODUCTION
Cochlear implants (CIs; auditory prostheses which
use electrodes to stimulate the auditory nerve
directly) can restore hearing in deaf individuals, yet
speech perception with electric hearing is less
accurate than with normal acoustic hearing due to
degradations in fine spectrotemporal detail [3]. In this
study, we explore how a degradation by a CI
simulation may affect the perception of lexical stress
in English as a second language (L2) within a normalhearing (NH) population. Lexical stress, where a
given syllable of a word is identified as stressed
depending on its perceived prominence relative to
another syllable, can be signalled through prosodic
cues such as variation in fundamental frequency (f0),
intensity, or duration, as well as through variation in
vowel quality. In this study, we focus on two of the
aforementioned cues that CI users perceive less
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how the lexical stress identification patterns for CIsimulated words compares to these patterns for nonCI-simulated (hereafter: unprocessed) words and how
the identification patterns of Dutch L2 learners of
English listening to L2 English words compares to
these patterns for L1 Dutch words. We hypothesized
that identification of L2 English lexical stress in CIsimulated words would be strongly compromised due
to degradations in fine spectrotemporal detail [3, 10,
16] and that Dutch L2 learners of English – despite
the perceptual salience of the vowel quality contrast
observed in CI users [10, 16] – would mainly rely on
f0 differences and ignore the vowel quality contrast
due to a transfer of cue-weighting strategies [5, 9, 12,
14], thus outweighing the perceptual salience of
available cues.

Firstly, we normalised duration and intensity in
Praat [4], as to disregard durational and intensity cues
to lexical stress. We normalised the syllable duration
of each stimulus such that the duration of each
syllable corresponded to the average duration of that
syllable across stress patterns. Calculations of
average syllable duration were based on acoustic
measurements of the selected source recordings.
Similarly, we normalised the syllable intensity of
each stimulus such that the intensity of each syllable
corresponded to the average (root-mean-square;
RMS) intensity of that syllable across stress patterns.
Calculations of average syllable intensity were based
on acoustic measurements of mean syllable intensity,
measured after normalisation of syllable duration.
Secondly, we created five-step f0 continua, where
one end of a continuum represented the SW f0 pattern
and the other end the WS f0 pattern (SW and WS
henceforth refer to both SW–WS and SWW–WSW).
Calculations of the five-step f0 continua were based
on acoustic measurements of f0 in semitones
(reference level: 100 Hz) at the start and the end of
the voiced part of each syllable, measured after
normalisation of duration and intensity. The five-step
f0-continuum manipulations were carried out using
PSOLA implemented in Praat [4] and were applied to
both the SW and WS source recordings. As these
source recordings – after normalisation of duration
and intensity – varied only in f0 and vowel quality, the
application of the f0 manipulations to both sources
created a five-by-two matrix of each stimulus.
Lastly, we created an acoustic CI simulation of
each stimulus by means of a vocoder [8] implemented
in MATLAB [13]. Vocoder parameters were based on
a previous vocoder study where f0 cues were
manipulated [6]. We modified the parameters to
further limit spectral resolution and temporal
envelope cues by reducing number of channels and
the envelope filter cut-off respectively as to minimize
acoustic cues related to f0 and vowel quality.
Specifically, we used a 6-channel noise-band vocoder
with a bandwidth of 250-8700 Hz and Greenwood
map, using zero-phase 12th order Butterworth filters
with matching analysis and synthesis filters. The
temporal envelope was extracted by half-wave
rectification and low-pass filtering at a cut-off of 100
Hz using a zero-phase 4th order Butterworth filter.

2. METHOD
2.1. Participants

Twenty-one first-year secondary school students (5
male, 16 female) aged between 12.0 and 13.1 years
(M: 12.5, SD: 0.28) participated in the study, who are
representative of late L2 learners whose L1 is
(largely) established at the onset of L2 acquisition.
Inclusion criteria were: being an L1 speaker of Dutch,
learning L2 English at school (with no more than
three years of formal instruction; mean age at onset
L2 instruction: 10.2, SD: 1.64), and having NH (puretone thresholds better than 20 dB HL at audiometric
frequencies between 250 and 8000 Hz).
2.2. Stimuli

The English stimuli comprised of disyllabic lexical
stress pairs, where the stress falls either on the first
syllable (strong-weak; SW) or on the second syllable
(weak-strong; WS), such as contract vs. contract
(underlined syllables are stressed). The Dutch stimuli
comprised of both disyllabic (e.g. misbruik vs.
misbruik) and trisyllabic lexical stress pairs. Similar
to the disyllabic pairs, the stress in trisyllabic pairs
falls either on the first syllable (strong-weak-weak;
SWW) or on the second syllable (weak-strong-weak;
WSW), such as voorkomen vs. voorkomen.
Five adult female L1 speakers of English and five
adult female L1 speakers of Dutch recorded ten
English and ten Dutch lexical stress pairs respectively
(48-kHz sampling frequency, 16-bit). The ten pairs
per language were evenly divided amongst the L1
speakers, such that each speaker would contribute
two lexical stress pairs to the stimuli set. The forty
source recordings (2 languages x 5 speakers x 2 words
x 2 stress patterns) were subsequently processed in
three steps, creating CI-simulated five-by-two
matrices varying in f0 and vowel quality.

2.3. Procedure

Participants completed an identification task in which
they listened to unprocessed and vocoded stimuli in
L1 Dutch and L2 English after which they had to
indicate for each stimulus whether the first or the
second syllable was stressed. Participants were
informed that they would hear same-word stimuli
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Figure 1: Percentage (fitted values incl. 95%
confidence bands) of lexical stress identification
responses (0%: SW, 100%: WS) over the five-step
f0 continuum (left: SW, right: WS) for unprocessed
(blue) and vocoded (red) speech for L1 Dutch and
L2 English stimuli.

more than once, but that this did not necessarily mean
that the stress pattern was the same. The stimuli were
presented over headphones at a comfortable hearing
level and responses were given by pressing a key on
a keyboard. Response choices were automatically
recorded in OpenSesame [11].
The experiment was divided into four blocks, one
for each processing type per language. The block
order was pseudo-randomised such that the order of
language was counterbalanced between participants
and the order of processing within each language was
subsequently counterbalanced. Stimuli within a block
were presented in randomised order, where
immediate succession of same-word stimuli was
prevented. Each block started with a practice session,
where participants were introduced to the extreme
points of the five-by-two matrices. In the practice
sessions, participants received feedback. In the
experiment proper, no feedback was given.
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3. RESULTS
3.1. Identification patterns
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% responses
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70

English (L2)

To assess if Dutch L2 learners of English made use of
f0 differences when identifying lexical stress, we
fitted a generalized additive model (GAM) in R using
the mgcv package [17], with a smooth over the f0
continuum as a predictor for response and separately
for unprocessed and vocoded stimuli per language.
The model was collapsed over vowel quality, as
model comparison – using the Akaike Information
Criterion (AIC) [1] – revealed that the simpler model
without the vowel quality contrast was preferred (AIC
difference: -7.08), indicating that the identification
patterns for SW-vowel stimuli did not significantly
differ from the patterns for WS-vowel stimuli. The
model also included a by-participant factor smooth
for the interaction between processing and vowel, as
well as a by-word factor smooth for language.
The identification patterns over the f0 continuum
for unprocessed and vocoded stimuli per language are
presented in Figure 1 (visualized using the itsadug
package [15]). The model described above revealed a
significant smooth effect over the f0 continuum for the
unprocessed stimuli in both Dutch (F = 28.95, p <
.001) and English (F = 9.90, p = .002), indicating that
Dutch L2 learners of English made use of f0
differences when identifying lexical stress in both
languages, where later f0 continuum points generated
more WS responses compared to earlier points. The
smooth effect over the f0 continuum for the vocoded
stimuli did not reach significance for either Dutch or
English (p > .05), indicating that Dutch L2 learners of
English were unable to make use of f0 differences
when identifying lexical stress in vocoded words.

unprocessed
vocoded

50

% responses

WS →

Dutch (L1)

← SW

f 0 continuum

WS →

3.2. Processing contrast

To assess if the identification patterns for
unprocessed and vocoded stimuli (as outlined in 3.1
and in Figure 1) significantly differed, we fitted a
model with a difference smooth between unprocessed
and vocoded stimuli per language (presented in
Figure 2). The model revealed a significant difference
between these identification patterns for both Dutch
(F = 11.29, p < .001) and English (F = 9.38, p < .001),
indicating that the CI simulation of the present study
significantly influenced the lexical stress
identification patterns in both languages. The
difference in identification patterns between
unprocessed and vocoded words mostly lies in the
earlier f0 continuum points, as can be seen in both
Figure 1 and Figure 2; earlier f0 continuum points
generated significantly more SW responses in
unprocessed words compared to vocoded words.
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Figure 2: Estimated difference (incl. 95%
confidence bands) in percentage of lexical stress
identification responses over the five-step
f0 continuum (left: SW, right: WS) comparing
unprocessed with vocoded speech for L1 Dutch and
L2 English stimuli (red line on x-axis and vertical
dotted lines indicate significant differences).

4. DISCUSSION
In this study, we explored how degradations by a CI
simulation may acutely influence L2 lexical stress
identification patterns. Results showed that Dutch L2
learners of English made use of f0 differences – the
cue with the greatest functional weight in Dutch [5,
14] – in both L1 Dutch and L2 English when
identifying lexical stress in unprocessed words. Yet,
they were unable to make use of this cue in CIsimulated words; responses for CI-simulated stimuli
were around chance (50%) for all f0 continuum points
(see Figure 1). Further analyses revealed that the
response patterns for both L1 Dutch and L2 English
significantly differed between unprocessed and CIsimulated words; the identification of lexical stress
based on f0 differences was strongly compromised by
the CI simulation. While there is a possibility that this
finding is unique to the specific vocoder parameters
of this study, it is consistent with previous research
that suggests that the perception of f0 differences is
less accurate in electric hearing [3, 10, 16].
The significant influence of f0 differences in both
L1 Dutch and L2 English for unprocessed words
indicates that the Dutch L2 learners of English made
use of the cue with the greatest functional weight in
the L1 in both their L1 and L2, suggesting that they
may have transferred the L1 cue-weighting strategies
into the L2 [5, 9, 12, 14]. Moreover, results showed
that listeners did not make use of the vowel quality
contrast – the cue with the greatest functional weight
in English [5, 14] – when identifying L2 English
lexical stress. This also implies that they did not
conform to the cue-weighting strategies of the L2 in
either unprocessed or CI-simulated speech, even
though literature implies that the vowel quality
contrast could be more perceptually salient than f0
differences in electric hearing [10, 16]. That said, we
acknowledge that a follow-up study with L1 English
listeners is needed to further investigate this finding.
The lack of a significant difference in lexical stress
identification patterns between L1 Dutch and L2
English in either unprocessed or CI-simulated speech
(or the contrast) furthermore suggests that L1 Dutch
identification strategies were also applied in L2
English, implying that the L1 cue-weighting
strategies may have been transferred into the L2
without any influence from the CI simulation. We
thus conclude from these preliminary data that the
transfer of cue-weighting strategies could outweigh
the perceptual salience of available cues to lexical
stress in CI simulations, yet we acknowledge that
different vocoder parameters might lead to different
results. That said, the CI simulation of the present
study affected L1 Dutch and L2 English lexical stress
perception similarly.
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3.3. Language difference

To assess if the identification patterns for
unprocessed and vocoded stimuli differed between
L1 Dutch and L2 English and thereby assess how the
CI simulation affected the transfer of cue-weighting
strategies, we fitted models with difference smooths
between Dutch and English per processing type, as
well as for the processing contrast. The difference
between identification patterns of L1 Dutch and L2
English for neither unprocessed nor vocoded words
reached significance (p > .05), nor did the language
difference for the processing contrast (p > .05),
indicating that Dutch L2 learners of English
transferred identification strategies from L1 Dutch to
L2 English and that the CI simulation of the present
study did not influence this transfer.
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ABSTRACT
This study examines L2 English word stress
production and perception by Hong Kong L1
Cantonese (CS).
Experiment 1 examined 22 CS’s production of
seven disyllabic English noun-verb pairs with an
acoustic study and a listening evaluation test.
Experiment 2 assesses the accuracies of 42 CS’s
perception of an English noun-verb pair of “contract”
with F0, intensity or duration in either syllable
manipulated.
A two-way ANOVA revealed significant main
effects for nativeness/proficiency and for acoustic
cues in the acoustic study of Experiment 1 and in
Experiment 2.
CS’s consistent F0 dependence but intensity
negligence suggested a possible perceptionproduction link and L1 influence. Highly proficient
CS’s F0 overuse, and better intensity and duration
use suggested the effect of L2 proficiencies. These
findings may inspire English word stress teaching
and future studies on English prosody acquisition.
Keywords: L1 Cantonese, L2 English, word stress,
perception, production, phonetic cues.
1. INTRODUCTION
This study extends from [9] which investigated the
tonal assignment in Cantonese loanwords borrowed
from English in investigating whether Hong Kong
L1 Cantonese learners of L2 English rely mainly on
F0 to denote English word stress in their production
and whether such ability is related to their
perception of English word stress.
While there appears to be a close connection
between perception and production in L1 acquisition,
previous studies such as [1, 3, 4-6, 11, 12] reported
discrepant findings regarding the relationship
between perception and production in second
language acquisition. In addition, most perception
studies focused on segmental features and most
studies on Chinese learners of English targeted at L1
Mandarin learners [c.f. 2, 7, 8, 10, 13-15].
With extensive studies on the perception and
production of English word stress by L1 Mandarin
learners [c.f. 10, 14] but few on those by L1
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Cantonese learners [c.f. 7, 8], there is a need for the
current study which focused on suprasegmental
features and targeted at L1 Cantonese learners,
addressing previous findings on perceptionproduction link, tone-stress relationship, L1
influence and L2 proficiencies.
1.1. Implication drawn from previous literature

Both as suprasegments, tone and stress use F0 as the
common acoustic cue but differ in that the latter also
uses intensity and duration (and vowel quality). It is
thus expected that tone language users, such as L1
Cantonese and Mandarin learners of L2 English,
differ from L1 English speakers in English word
stress production and perception. L1 Mandarin
learners’ reliance on F0 as in [10, 14, 15] in
production and/or perception of English word stress,
and L1 Cantonese learners’ experience with tone in
English word stress perception as in [2] and their
tone assignment in English stress production as in
[13] suggest F0 as the dominant cue for stress
production and perception among these tone
language users. L1 Mandarin learners’ negligence of
intensity in English word stress perception as
discovered in [15] also led us to question about
Cantonese ESL learners’ neglected cue(s) for
comparison.
1.2. Research questions

This study thus aims to answer the following
research questions:
 Do Hong Kong CS (highly proficient ones,
HCS, and less proficient ones, LCS) and
native English speakers (NS) produce English
word stress differently in terms of
fundamental frequency (F0), intensity and
duration?
 Do Hong Kong CS (HCS and LCS) and NS
perceive English word stress differently in
terms of F0, intensity and duration?
 Is Hong Kong CS’ production of L2 English
word stress related to their perception?

Table 1: Stimuli of 7 pairs of disyllabic words and
their corresponding contextualised sentences.

2. METHODOLOGY
To answer the above research questions, two
experiments were designed and implemented.
Experiment 1 investigated the production of L2
English word stress by Hong Kong L1 Cantonese
learners (CS), while Experiment 2 investigated the
perception. All participants were ranged from 18 to
55 years of age. They all had normal speech and
language ability by self-report. The target CS
participants were recruited from Hong Kong
Community College (HKCC) of The Hong Kong
Polytechnic University (PolyU). They all gained
prior English experience from classes in Hong Kong.
The control L1 English (NS) participants were born
and brought up in English-speaking countries such
as the United Kingdom and the United States of
America, and they were still living there or
temporarily staying in Hong Kong.

Target
Word

Noun/ Contextualised
Verb Sentence
noun

1 contract
verb
noun
2 desert
verb
noun
3 object
verb

2.1. Experiment 1: Production of disyllabic noun-verb
pairs

noun
4 permit

Experiment 1 examined 22 CS participants (11
HCS and 11 LCS) and 14 NS participants’
production. The speech samples produced by the
participants were recorded by using audacity
installed in a laptop computer. The recording was
done in a quiet room where a high-quality
unidirectional dynamic microphone was fixed at a
distance of 10 cm from the participant’s mouth to
ensure the quality and consistency of the recording.
Experiment 1 was designed with reference to [10]
and [15], both of which examined the perception and
production of L2 English word stress by L1
Mandarin learners. All participants were asked to
pronounce seven disyllabic word pairs for three
times (see Table 1). Each word pair consists of a
noun and a verb with identical spelling but different
stress patterns, that is with the stress on the first
syllable for nouns as in CONtract AND OBject, but
with the stress on the second syllable for verbs as in
conTRACT and obJECT. These stimulus pairs were
formed from the following corpus of word forms:
contract, desert, object, permit, rebel, record, and
subject. Each target word was produced in three
ways: (i) in isolation, (ii) in the semantically neutral
frame sentence “I said __ this time”, and (iii) in
contextualised sentences created specifically for
each word, as shown in the rightmost column of
Table 1.
The produced tokens were first analysed with
Praat to obtain F0 (Hz), intensity (dB) and duration
(ms) measurements, which were then statistically
analysed and compared.

verb
noun
5 rebel
verb
noun
6 record
verb
noun
7 subject
verb

Mr. Smith has
finally agreed to
sign
the
new
contract.
Will steel contract
when it is cooled?
They got lost in the
desert.
Will he desert his
team?
What is the object
on the table?
They won’t object
to your decision.
In order to park
here, you need a
permit.
Would you permit
her request?
The rebel army did
this.
They rebelled at
this
unwelcome
suggestion.
Can I get a copy of
my health record?
She recorded all
songs her daughter
sang yesterday.
What is the subject
of this sentence?
Must you subject
me to this boring
twaddle?

Note. The disyllabic word pairs and contextualised
sentences were adapted from [15].

A listening evaluation test was also conducted
among 13 native English listeners with no previous
phonetics training and 30 CS listeners (23 HCS, 4
LCS and 3 with moderate English proficiency) who
did not participate in the acoustic studies.
During the experiment, all listeners were seated
at a computer wearing headphones playing sounds at
60-65 dBA at adjustable volume in a sound-treated
room. The sound samples were presented randomly
to rule out any possible order effects.
For each token produced by CS speakers for the
acoustic study, listeners first heard the word and
then determined which word, for example, either
conTRACT (verb) or CONtract (noun), they thought
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had been said. Before the actual experiment,
listeners were given a standard handout and
explained by the same researcher the procedures, the
acoustic cues for stress (pitch, loudness and duration)
and the stress shift rule (the first syllable stressed in
a disyllabic noun, e.g., CONtract, and the second
syllable stressed in its disyllabic verb counterpart,
e.g., conTRACT). A practice session identical to the
actual experiment but composed of only eight
questions using eight different tokens of the same
word “contract”, not used in the actual experiment,
was then provided to familiarise listeners with the
pace and format of experiment.

headphones to the participants at 65-70 dBSPL.
There was a 1500-ms interval between two tokens to
allow sufficient time for the participants to make a
judgment, and the following token were played after
three seconds. The experiment took 20-30 minutes
per subject. Due to the demand for high
concentration of the task, the participants were
allowed to take breaks during the experiment. A
brief practice period was provided such that the
participants could familiarise themselves with the
experimental procedure and environment. Five audio
samples were randomly selected from the data
corpus and used for practice.

2.2 Experiment 2: Perception of a disyllabic noun-verb
pair

3. RESULTS AND DISCUSSION
3.1 Experiment 1: Production of disyllabic noun-verb
pairs

In Experiment 2, participants underwent a stress
identification test. The goal was to compare the
relative importance of perceptual cues for English
stress to the CS participants. The entire perceptual
experiment was carried out in a sound-treated
language lab. Participants were instructed to listen to
165 tokens of the English word “contract” in one
block in a randomised order, including 150 different
tokens {F0 [CON] (5) × F0 [tract] (5) + intensity
[CON] (5) × intensity [tract] (5)] + duration [CON]
(5) × duration [tract] (5) + F0 [con] (5) × F0
[TRACT] (5) + intensity [con] (5) × intensity
[TRACT] (5)] + duration [con] (5) × duration
[TRACT] (5)} plus 15 (ten percent) repeated for
intra-reliability assessment. The tokens combined
the syllables “con” and “tract” with natural and
modified intensity, F0 and duration from both the
noun “CONtract” and the verb “conTRACT”
produced by a female native British English speaker.
F0, duration, intensity values were first obtained
from the natural production of the stressed “CON”
in the noun “CONtract” and the unstressed “con” in
the verb “conTRACT”. Since acoustic cues,
including F0, intensity and duration, for listeners’
perception of English word stress were compared,
other cues were held constant with values being
averaged from the stressed and unstressed into five
levels for concatenation with the five levels of the
stressed “TRACT” and the unstressed “tract”.
Syntheses were executed to alter pitch or intensity,
or lengthen syllables, only one parameter at a time.
All of the stimulus manipulations were made with
the use of Praat functions “To Manipulate - multiply
pitch frequencies”, “Modify - scale intensity” or
“Convert - lengthen” respectively.
An answer sheet was provided on which the
participants had to indicate whether each
concatenated word token was a noun or a verb.
Audio signals were presented via high-quality

The acoustic results of Experiment 1 revealed
duration as the most dominant cue while intensity as
the least dominant for both NS and CS speakers in
English word stress production. HCS speakers even
appeared to overuse duration and F0 while LCS
speakers tended to underuse these two cues when
attempting to contrast different stress patterns. A
two-way ANOVA also revealed a significant main
effect for nativeness/proficiency [F (2, 99) = 60.85,
p < 0.0001], and for acoustic cues [F (2, 99) = 73.04,
p < 0.0001], and a significant interaction effect [F (4,
99) = 18.61, p < 0.0001] (see Figure 1).
Figure 1: Percentage difference between stressed and
unstressed syllable within a disyllabic word in vowel
F0, intensity and duration among NS, HCS and LCS
speakers.

The listening evaluation test shows little
difference in mean percentage of correct distinction
between HCS and LCS speakers in all listeners’
ratings. A one-way ANOVA revealed no statistically
significant differences between group means [F (3,
82) = 0.5902, p = 0.6231] (see Figure 2).
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Figure 2: Percentage of correct distinction associated
with HCS, LCS and NS listeners between disyllabic
noun-verb pairs produced by HCS and LCS speakers.

What appeared to be common between stress
production and perception as identified in the
acoustic studies of Experiments 1 and 2 was that
intensity seemed to be the least dominant cue.
3.3 Answers to research questions

The acoustic study of Experiment 1 showed
noticeable difference between HCS and LCS
speakers’ productions in terms of the use of vowel
duration and F0 (but not intensity) within a
disyllabic word to distinguish the stressed and
unstressed syllables. On the contrary, the results of
the listening evaluation task showed no significant
difference between HCS and LCS speakers’
production to all listener groups.
3.2 Experiment 2: Perception of a disyllabic noun-verb
pair

Experiment 2 discovered that the accuracies for both
CS and NS participants were the lowest in the
abnormal case when only F0 was manipulated to be
three levels lower in the stressed syllable than in the
unstressed. This suggested F0 as the main acoustic
cue for stress perception. This was particularly true
for CS listeners as their accuracies were significantly
lower with F0 manipulation than with intensity
manipulation. A two-way ANOVA revealed
significant main effects for nativeness/proficiency
and for acoustic cues [F (2, 78) = 9.023, p = 0.0003])
(see Figure 3).

CS speakers tend to use intensity less than NS
speakers do, and CS speakers tend to overuse or
underuse F0 and duration as compared to NS. With
NS’s production regarded as the standard, CS
speakers in general fail to use all the three target
acoustic cues properly, either overusing or
neglecting them in English word stress production.
CS’s L1 influence thus serves to explain such
difference in production. HCS speakers tend to
overuse F0 and duration while LCS tend to underuse
duration. Also, HCS speakers tend to use intensity
better than LCS do. This shows that different
English proficiencies do affect one’s production.
CS listeners tend to rely on F0 more than NS
listeners do. It could be because NS listeners spread
their attention across the three acoustic cues for
English word stress perception while CS listeners
tend to be more sensitive to F0 for its common use
in both lexical tone and word stress at the
suprasegmental level. These suggest that L1
influence attributes to such difference in perception.
HCS listeners resembled NS listeners in English
word stress perception, but LCS listeners use
intensity and duration less better than HCS and NS.
The results of the two experiments suggested that
the stronger mastery of F0 and the weaker mastery
of intensity established a link between CS
participants’ English word stress perception and
production. Future studies should also include the
vowel quality cue and investigate the relationship of
vowel duration with F0 and speech rate.
4. CONCLUSION
CS participants’ reliance on F0 in English word
stress perception accounted for their capable use of
F0 in the production. Their negligence of intensity in
English word stress perception accounted for their
less capable use of intensity in the production. In
addition, HCS participants tended to overuse F0 in
both perception and production, and use intensity
and duration better than their LCS counterparts.
Thus, both L1 influence and L2 proficiencies
contribute to the perception-production link in CS
learners’ stress acquisition.
This study may inspire English teachers to
develop a more effective English word stress
teaching regimen and serve as a basis for future
studies on CS’s acquisition of English prosody such
as speech rhythm, sentential stress and intonation.

Figure 3: Percentage of tokens, with manipulated
F0, intensity or duration values three levels higher
in the unstressed syllable than in the stressed,
perceived correctly by each listener.
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ABSTRACT
Although the syllabification of sequences of two
vocoids in Spanish is generally predictable from
vowel height and stress, there are exceptions to the
general rules. There is also variation among speakers
in this respect, so that this is a ‘fuzzy’ contrast. Here
we report on an experiment on the production of this
contrast, analyzing data from a much larger number of
participants than in all previous work on this topic
(n=37). Results show that the vowel sequence in
words with a predicted exceptional hiatus /i.á/ (as in
e.g. enviamos ‘we send’) differs significantly from the
diphthong /já/ (as in e.g. saciamos ‘we satiate’) both
in duration and in formant trajectories. Speaker’s
intuitions regarding exceptional syllabification in
hiatus were particularly consistent in verbal forms,
which we explain as resulting from a paradigm effect.
Although we conducted our experiment in a SpanishBasque bilingual town, there were no effects of
language dominance.
Keywords: syllables, hiatus, diphthongs, Spanish,
fuzzy contrasts
1. INTRODUCTION
In Spanish a sequence of two different vocoids may
be produced either as tautosyllabic, that is, a
diphthong, or as heterosyllabic, in hiatus. Whether
there is a diphthong or a hiatus is generally predictable
from the rules in Table 1[1, 9, 13]. (In our
transcriptions, instead of placing a stress mark
preceding the stressed syllable, we use an acute accent
on the stressed vowel, since this makes the nature of
the contrast easier to interpret):
a.
b.
c.

Exceptional hiatus is found almost exclusively in
rising-sonority sequences like /ia/, and particularly
when word-stress falls on the second vowel of the
sequence. In some cases, the exceptional
syllabification of a vowel sequence in hiatus may be
attributed to paradigm effects or the presence of
morphological boundaries, but there are also
seemingly random exceptions. Thus, whereas, for
instance, viaje /bjá.xe/ contains a diphthong according
to the general syllabification rules, for some speakers,
the word diablo /di.á.blo/ ‘devil’ contains an
exceptional hiatus instead [9]. Similarly, el piano
/el.pi.á.no/ ‘the piano’ is a lexical exception to (c) in
Table 1 and contrasts with Ulpiano /ul.pjá.no/ ‘a
name’ for some speakers [12]. A considerable amount
of variation has been reported in speakers’ intuitions
regarding the distribution of exceptional hiatus [4, 10,
19] and there are no minimal pairs, involving
sequences such as /já/ vs /i.á/ (the only minimal pair
for any other sequence of this type is /pjé/ ‘foot’ vs
/pi.é/ ‘I chirped’ [9]. The situation may be described
as a marginal, fuzzy or quasi-phonemic contrast [8,
17]. The situation is complicated by the fact that
exceptional hiatus words also allow reduction to
diphthong. Crucially, diphthong words, instead, do
not allow a heterosyllabic realization of the sequence.
That is, the contrast is between, e.g. [elpi.áno] ~
[elpjáno] ‘the piano’, not * [ulpi.áno] Ulpiano.
Here we report on an experiment involving the
production of this quasi-phonemic contrast and on the
syllabification intuitions of the same set of
participants.
2. METHODS
2.1. Participants

Table 1. Syllabification of vowel sequences
Hiatus if neither vowel is high; e.g. teatro /te.á.tro/
‘theater’, maestro /ma.és.tro/ ‘teacher’, león /le.ón/
‘lion’.
Hiatus if one of the vowels is high and bears wordstress; e.g. María /ma.ɾí.a/.
Otherwise, diphthong. e.g. feria /fé.ɾja/ ‘fair’, fiesta
/fjés.ta/ ‘feast’.

Although the complementary distribution of hiatus
and diphthong configurations in Table 1 generally
applies, the facts are complicated in some Spanish
varieties by the existence of lexical exceptions to (c).
We will refer to words that are an exception to (1c) as
containing an exceptional hiatus.
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All prior experimental work on the topic of
exceptional hiatus in Spanish has been conducted with
very small numbers of subjects. In [10] the intuitions
and productions of 4 speakers from Madrid, Spain, are
reported. In [6], the data that are reported are from 5
speakers from Barcelona. In [4] the authors report on
intuitions on syllabification from 15 speakers Spanish
from different areas of Spain, but did not conduct a
production study.
Here we attempt to replicate this prior work, but
with a larger number of speakers of a single
geographical variety. We obtained data from 37
participants (20 female, 17 male) from the same town.

By testing a larger set of speakers of the same local
variety, we hope to obtain evidence regarding the
consistency with which specific contexts condition
exceptional hiatus in a given dialect.
Our experiment was conducted in Irun, Gipuzkoa,
Spain, a Basque town of 60,000 inhabitants, of which
about 40% are bilingual in Basque. 19 of our
participants reported Spanish as their preferred
language and 18 reported Basque. It should be noted
that the latter are also fully fluent in Spanish and use
this language every day. The most common language
of social interaction in Irun in Spanish, with a reported
public use of Basque of 7.6% [16].
We expect two possible effects from bilingualism
in Basque. On the one hand, Gipuzkoan Basque,
unlike Spanish, consistently favors heterosyllabification in sequences of rising sonority,
regardless of the position of the stress; instead, a
hiatus-breaking onset glide may be inserted, e.g.
mendia [mendi.a] ~ [men.di.ja] ‘the mountain’;
mendietan [mendi.etan] ~ [mendi.jetan] ‘in the
mountains’ [7]. Influence from Basque on Spanish
may thus result in a higher percentage of hiatus
productions. On the other hand, bilingualism may
favor the elimination of lexical exceptions and, in
particular, lexically fuzzy contrasts such as those
created by exceptional hiatus (see [18] syllabification
in heritage Spanish).
2.2. Experimental materials and procedure
For this experiment, we included the same set of 20
target words as in [10] in order to facilitate
comparison. All target words contain the sequence
/iá/, with word-stress on the low vowel. The items
include 8 verbal forms (see Table 2), 4 with expected
hiatus /i.á/ and 4 with an expected diphthong /já/.
Expected syllabification derives from a difference in
the position of the stress in certain other forms of the
verb, such as the third person singular present
indicative form (also shown in Table 2, right column).
The paradigm of expected hiatus verbs contains forms
where the word stress falls on the high vowel /i/, so
that there is an obligatory hiatus, according to the rule
in (1b) above. These are paired in the test materials
with 4 other verbal forms that have an expected
diphthong, since no other form in the verbal paradigm
has stress on the /i/ of the sequence.
In addition to the verbal forms in Table 1, 3 other
expected-hiatus words in the stimulus materials are
derivationally related to words with stress on the high
vowel: riada ‘high waters’ (related to río ‘river’),
diario ‘daily’ (día ‘day’) and semiviable ‘semiviable’
(vía ‘way’). Finally, the set of exceptional hiatus
words also includes two words without any
morphological justification for the hiatus, but, which
nevertheless has been described as belonging to the
exceptional hiatus category in [10] and other work,
piano and liana.
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Table 2. Verbal forms: stimuli (left column) and 3rd sg
form for comparison between the two groups
Target verbal forms
Cf. 3rd sg
a. Expected hiatus
guiamos /gi.ámos/ ‘we guide’
guía /gí.a/
vaciamos /baθi.ámos/ ‘we empty’
vacía /baθi.a/
enviamos /enbi.ámos/ ‘we send’
envía /enbí.a/
piando /pi.ándo/ ‘chirping’
pía /pí.a/
b. Expected diphthong
elogiamos /eloxjámos/ ‘we praise’
elogia /elóxja/
saciamos /saθjámos/ ‘we satiate’
sacia /sáθja/
aliviamos /alibjámos/ ‘we alleviate’ alivia /alíbja/
limpiando /limpjando/ ‘cleaning’
limpia /límpja/

Participants were asked to produce the 20 target
words, together with 25 distractors, all in random
order, in the context digo__porque sí ‘I say__just
because’. Answers were recorded with a Sony
Microtrack 24/96 using a Sony F-720 external
michorphone.
Once they had completed this production
experiment, a paper-and-pencil experiment was
performed, where participants were asked to syllabify
the target words that they had just recorded according
to their own intuitions as speakers (rather than being
guided by any word-division rules they might have
learned in school). The materials for this task included
only a list of words in orthographic representation;
there were no aural stimuli.
The soundfiles obtained in the production
experiment were analyzed in Praat [3]. We manually
segmented the /ia/ or /ja/ sequence in the textgrids,
without attempting to find a boundary between the
two vocoids. After discarding 28 tokens because of
data extraction difficulties, 707 tokens were analyzed.
We then used FormantPro [23] to automatically
extract formant values at 20 equally spaced points in
the duration of the segment.
Statistical analysis was conducted in R [14] and
RStudio [15], using the package tidyverse [21] for
data organization.
3. HYPOTHESES
Participants’ performance was expected to largely
agree with the hypothesized lexical distinction
between diphthong and hiatus, with expected
syllabification being a significant factor both in
participants’ production and in their intuitions
regarding syllable boundaries.
In production, this should result in significantly
longer duration of /ia/ in words hypothesized to
contain an exceptional hiatus than in words
hypothesized to contain a diphthong [1, 6, 10].
Differences should also be observed in a difference in
formant trajectories depending on whether the
sequence has been produced with a glide [j] or with a
vowel [i] [1].

Regarding syllabification intuitions, we expected,
in general, our participants to agree with the expected
syllabification of words, although we also expect
some variation and for some participants to have more
clear intuitions than others and for there to be some
variation regarding specific words, as has been found
in previous work [4, 6, 10, 19], given the fuzzy nature
of the contrast.
Basque-dominant speakers were expected to have
a stronger preference for syllabification in hiatus than
Spanish-dominant speakers, given the preference for
syllabification of rising sonority vowel sequences in
hiatus in Basque. The strongest agreement with the
expected syllabification is expected in verbal forms,
because of analogical effects with paradigms, and the
weakest in words lacking any morphological
justification for an unexpected hiatus.

Figure 2. Non-linear smooths (fitted values) and
confidence bands (shaded) of F1 formant trajectories
by expected category: Diphthong (red) vs Hiatus (blue)
(top panel) and difference between the two smooths
(bottom panel).

4. RESULTS
4.1. Duration
Our participants produced expected exceptional hiatus
sequences with longer duration (mean = 183.6 ms, st.
= 30 ms) than expected diphthongs (mean = 139.9 ms,
st. = 36 ms), see Figure 1.
Figure 1. Duration (ms) by expected category:
D(iphthong) vs H(iatus)

A mixed-effects linear regression analysis (lmer) [2]
on duration, with the fixed factors of Expected
Category (diphthong vs hiatus) and Preferred
Language, and random factors of Participant (random
intercepts and slopes) and Word (random intercepts)
(which was the maximum random effect structure that
allowed the regression to converge), returned a
significant effect for the expected distinction between
diphthong and hiatus, β = 45.5, t= 6.4, p < 0.0001. On
the other hand, there was no significant effect of
language preference. (P-values were obtained with the
default Satterthwaite approximation in lmerTest [11]).
4.2. Formant values
In the two panels of Figure 2 (made with itsadug [20]),
we show the distribution of F1 trajectories for words
expected to have a diphthong and to have a diphthong
and to have a hiatus. In the bottom panel, the nonoverlap of the shaded confidence bands of the smooths
at the beginning and end of the sequences is indicated
by the red line on the x-axis.
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A generalized additive model (bam, package mgcv
[21], see [22, 23]) was fit on F1 trajectory values, with
Expected Category (diphthong vs hiatus) as fixed
factor, smooths on normalized time by Expected
sequence, and normalized time by Participant (nonlinear random slope) and a random intercept for each
Word. The results indicated a significant effect of
expected sequence by time for both diphthong and
hiatus. Significant differences between the two
formant trajectories are indicated with a red line on
the x-axis of the bottom panel in Figure 2.
In the two panels of Figure 3, we show the same
distribution of formant trajectories as in Figure 2 but
for F2, with differences between the Expected
sequence smooths indicated with a red line on the xaxis of the bottom panel.
Figure 3. Non-linear smooths (fitted values) and
confidence bands (shaded) of F2 formant trajectories
by expected category: Diphthong (red) vs Hiatus
(blue) (top panel) and difference between the two
smooths (bottom panel).

For non-verbal exceptional-hiatus words, agreement
with predicted hiatus ranged from 81%, for the word
riada, to only 41% for the word semiviable. The
words piano, liana and diana, which do not have any
morphological connection to other words with stress
on /i/, scored lower than verbs with hiatus tendency,
but still close to or above 60%. See Table 4.

The trajectory of both formants shows a more
abrupt change and slope for expected exceptional
hiatuses than for expected diphthongs. Expected
hiatus words show a lower F1 and a higher F2 than
diphthong words at the beginning of the sequence, and
the opposite relation at the end.
4.3. Syllabification intuitions
Three participants did not show any variation in their
responses: two always chose ‘diphthong’ and one
always chose ‘hiatus’. Excluding these three
participants we obtain the results in Table 2:
Table 2. Syllabification of Expected Diphthong and
Hiatus words (Counts and percentages).
Response- D
Response-H
Expected-D
286 (90.8%)
29 (9.2%)
Expected- H
95 (28.4%)
239 (71.5%)

As shown in Table 2, the great majority of all
responses agreed with the predicted syllabification. It
is also apparent that agreement with the predictions
was even stronger for expected diphthong words (the
unmarked syllabification, with over 90% agreement)
than for words expected to have exceptional hiatus.
Examining responses for each target word
separately, and separating verbs from other forms, we
obtain that hiatus responses were above 80% for
conjugated verbs with predicted hiatus and ranged
from 0% to 4% for conjugated forms with predicted
diphthong. The pattern was only slightly weaker for
the two gerunds (in -iando) included in our stimuli,
see Table 3. The contrast between the two classes of
words in this Spanish variety is, thus, robust and
consistent among speakers.
Table 3: Hiatus responses for verbal forms (%)
Predicted hiatus
Predicted diphthong
guiamos = 88 %
aliviamos= 0%
vaciamos = 84 %
elogiamos = 4%
enviamos= 82%
saciamos = 4%
piando = 76%
limpiando = 13%

For non-verbal forms, agreement with the
predictions was somewhat lower, but three of the
predicted diphthong words were still identified as
such in over 90% of all responses.
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Table 4: Hiatus responses for nonverbs (%)
Predicted hiatus
Predicted diphthong
riada = 81%
envidiable = 3%
diario = 77%
italiana = 3%
liana = 72 %
indiana = 6%
diana = 62%
presidiario = 9%
piano = 59%
ulpiano = 18%
semiviable = 41%
barriada = 29%

That is, the great majority of all responses were
according to the predicted syllabification for the
specific item. In general, there was a greater
preference for syllabification as a diphthong (which is
the unmarked option), but conjugated forms of verbs
with lexical hiatus triggered over 80% of hiatus
responses and so did the word riada ‘high waters’,
transparently related to río ‘river’. Other predicted
hiatus words showed much more variation.
A mixed-effect logistic regression on written
response (glmer [2], family = binomial) returned a
significant effect of predicted syllabification (β = 5.2,
z = 8.3, p < 0.0001), but no effect of language
preference.
5. DISCUSSION AND CONCLUSIONS
In Spanish, the sequence /iá/ is usually syllabified as
a diphthong /já/. Nevertheless, several authors have
noticed an exceptional syllabification in hiatus /i.á/ for
some lexical items with the relevant sequence, in
Iberian Spanish, with variation in intuitions. Our
investigation of a Spanish variety in contact with
Basque, with a larger number of speakers than all
previous studies, has shown considerable agreement
among speakers in the existence and distribution of
the contrast, both in production and in intuitions.
Sequences in hypothesized exceptional-hiatus words
are longer and differ in formant structure from regular
diphthong sequences. Intuitions about exceptional
hiatus are particularly strong in forms of verbs whose
paradigm includes other forms with stress on the high
vowel. Even though there are no minimal pairs and
agreement on specific lexical items is not complete,
this is a lexically-encoded contrast in the phonology
of speakers of this Spanish variety. The perception of
this contrast remains to be tested. No effect of Basque
bilingualism was found in either production or
intuitions.
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ABSTRACT

pronunciation [2], whereas nasal deletion is likely an
influence of Standard Dutch [1,2,3]. Zero realization
occurs sometimes after plosives [2]. The preferred
variant in West-Frisian, however, is a nasal, which
remains after schwa deletion [1,2,4,5]. This nasal is
subject to nasal place assimilation, mostly
regressive, but sometimes also progressive [1,2,5,6].

West-Frisian has a highly frequent suffix -/ən/ in
which the schwa is usually deleted. This results in a
single nasal which is analysed as ‘syllabic’, at least
after obstruents. However, it is unclear what happens
if schwa deletion occurs after a stem-final nasal as in
hûn-en ‘dog.PL’. We consider several options,
including nasal deletion, nasal contraction, and
gemination. We compare the duration of an
underlyingly single nasal in stem-final position with
that of the nasal after schwa deletion in -/nən/ as in
hûn ~ hûnen. The results reveal that the nasal in
hûnen after schwa deletion is more than twice as
long as in hûn and also longer than after schwa
deletion in -/tən/. This suggests that the nasal is
geminated. We discuss the status of this nasal in
light of the fact that gemination has not been
reported elsewhere in the phonology of WestFrisian.

2. doarp-en
moat-en
boek-en
moat-en mei

3. [bukən]
[bukə]
[bukŋ]

[bukə̃n]
[bukə̃]
[buk]

Of these forms, [bukŋ] is the most commonly used.
The nasal in [bukŋ] is analysed as a syllabic nasal
[5]. This is because the preceding consonant [k] has
a lower sonority than the nasal and subsequent coda
consonants universally have a decreasing sonority.
This means the nasal cannot be parsed with the first
syllable if the stem-final consonant is an obstruent
[5]. Theoretically, this is different if the stem-final
consonant is an approximant, as in te skriuw-en
[skrjuwn] ‘write.GER’, in which the nasal is
incorporated in the syllable.
In case the stem-final consonant is a nasal, as in
hûnen /hunən/ ‘dog.PL’, the nasal is also regarded as
syllabic. It is unclear, however, what the phonetic
realization of this syllabic nasal is. Does the nasal
appear as a geminate? This is unlikely since
geminates do not occur elsewhere in West-Frisian. If
a morphological process leads to two adjacent
consonants that are the same, the result is a single
consonant [6]:

1. INTRODUCTION
West-Frisian is a North-West Germanic language
spoken in the North of The Netherlands. All its
speakers are bilingual with Dutch. West-Frisian has
a highly productive and frequent suffix -/ən/,
orthographically <en>, which also occurs in other
Germanic languages like Dutch, Danish, and
German. In West-Frisian, final -/ən/ appears as the
nominal plural marker, verbal past plural marker, the
participle, and the gerund. Final -/ən/ may also occur
as part of the stem.
boek-en
gong-en
witt-en
te litt-en
eksamen

‘village.PL’
‘must.PL’
‘book.PL’
‘must with’

In addition, schwa can be nasalized [1,2], whether or
not it is followed by a full nasal. This leads to the
following variation for the word boeken /bukən/
‘book.PL’:

Keywords: duration, gemination, nasals, syllabic
consonants, West-Frisian.

1.

[dwarpm]
[mwatn]
[bukŋ]
[mwatɱɛɪ]

book.PL’
‘go.PAST’
‘know. PART
‘let.GER’
‘exam’

4. rȇst-t
stean neist

The pronunciation of -/ən/ is remarkably variable.
On the phonemic level, full pronunciation [ən]
sometimes occurs, schwa deletion or n-deletion
occurs [1], and even zero realization can be observed
[2]. Full pronunciation is a somewhat archaic

rest.3SG
[rɛːst]
stand next (to) [steə̃nɒist]

An alternative scenario is nasal deletion. Although
this would conflate the inflected and the noninflected form, zero inflection does occur as we
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illustrated above in e.g. boeken [buk] ‘book.PL’.
Another possibility is that the stem-final nasal and
the nasal of the suffix are contracted to a certain
extent.

participants were instructed that the past tense was
intended if the picture was contained in a thinking
cloud (see Figure 1), which would be absent when a
present tense was targeted.

In order to find out the true nature of the surface
nasal of underlying -/ən/, we measured and
compared the duration of the nasal in pairs of
singular and plural nouns as in hûn and hûnen. We
compared the duration of these nasals to that of a
syllabic nasal after /t/ as well, since it is possible that
the syllabic nasal is always a bit longer than a nonsyllabic nasal. In other words, the syllabic nasal in
tinten ‘tent.PL’ after schwa deletion may have the
same duration as the nasal in hûnen after schwa
deletion.

Figure 1: Picture to elicit the utterance Ik ha twa
spinnen hân ‘I have had two spiders’.

2. APPROACH
We designed a production experiment to compare
the duration of a stem-final nasal with the nasal that
results from schwa deletion in -/ən/. The target
words were the singular and plural of the same nfinal stems like hûn ‘dog’ vs. hûnen ‘dogs’. We
designed carrier sentences in which singular and
plural forms appeared in sentence-final or sentencemedial position.

We hypothesize that the nasal in the plural is longer
than in the singular because the plural underlyingly
consists of two nasals. We also hypothesize that the
nasal in final position is longer than in non-final
position, both in singular and plural, due to final
lengthening [7]. We finally expect the difference in
duration between singular and plural forms to be
similar in both final and non-final position.

5. Ik ha ien hûn.
‘I have one dog.’

3. METHOD

Ik ha ien hûn hân.
‘I have had one dog.’

3.1 Stimuli

Ik ha twa hûnen.
‘I have two dogs.’

We selected ten monosyllabic words ending in /n/
which were suitable to illustrate by pictures.

Ik ha twa hûnen hân.
‘I have had two dogs.’

Table 1: Critical stimuli.

#
1.
2
3
4
5

We decided to not confront our participants with
orthographic representations of the stimuli in order
to prevent spelling pronunciation such as the full
pronunciation of a schwa and nasal in the plural
suffix. Therefore, the speech materials were elicited
by asking the participants to produce sentences that
would fit the constraints embodied by pictures. It
was explained to the participants that they should
produce sentences with a fixed structure Ik ha {ien,
twa} X(X) hân ‘I have {one, two} X(X) (had)’. The
direct object in this structure should be either a
singular or a plural noun preceded by the numeral
one or two, respectively. Singular objects were
targeted by a single picture; plural object forms were
elicited by showing a picture of two identical or
similar objects. The tense would either be present or
past; in the latter case the participant was told to
finish his sentence with the past participle hân. The

Stimulus
ein
hân
hûn
knyn
kraan

Gloss
duck
hand
dog
rabbit
tap

#
6.
7.
8.
9.
10.

Stimulus
kroan
pin
spin
tún
troan

Gloss
crown
pen
spider
garden
throne

These ten stimuli were targeted in the four different
carrier structures, so that there would be 40 target
utterances in all. The critical stimuli alternated with
26 filler stimuli targeting objects with stems not
ending in /n/. These filler stimuli also occurred in
the four carrier structures. The total number of
stimuli was thus (10 + 26) × 4 = 144. There was no
explicit familiarization phase, but the first target
stimulus occurred as number nine, and was realized
without hesitation by all subjects.

118

3.2 Subjects

realized. We analysed the duration of the remaining
593 (82%) realizations.
The mean duration of the nasal in the four groups
broken down by number (singular, plural) and
position (medial, final) in the sentence are shown in
Table 2. The means show that the nasal in the plural
is more than twice as long as in the singular, both in
medial and final position. We compared this to the
nasal in tinte-n ‘tent.PL’. The underlying schwa in
this word is also deleted in 80% of the cases,
comparable to that in the -/nən/ words. The duration
of the nasal in tinten is clearly shorter than that of
the plurals in the -/nən/ words, and longer than the
coda nasal of the singulars. The duration in final
position is 40 ms longer than in non-final position,
comparable to the duration in the -/nən/ words.

Eighteen native speakers, nine males and nine
females, participated in the study. The age range of
the group of participants was 25-75 years, with a
mean of 44.89 (SD 14.84). They volunteered and
received no compensation.
3.3 Procedure

The experiment was run in a quiet office. The
second author, a native speaker of West-Frisian,
carried out the experiment and controlled the
stimulus presentation. Participants were instructed
orally and on the computer screen. They were asked
to produce the sentences that would be shown to
them in pictorially coded form on the screen. The
speech was recorded onto a Tascam DR-40 with a
headworn
ATM73cW
cardioid
condenser
microphone.
Stimulus and filler pictures appeared on screen
one by one in quasi random order such that
structures containing the same target word were
separated by at least two intervening stimuli.

Table 2: The aggregated nasal duration (ms) in
-/nən/ (n=593) and tinten (n=26) depending on
number and position in the sentence.

Position
-/nən/
tinten

4. RESULTS
The duration of the nasals was measured in Praat
[8]. Nasalization of the stem vowel was not included
in the nasal duration. The end of the nasal was
defined as the onset of breathiness (noise between
harmonics) caused by the following /h/-sound (see
Figure 2).

Medial
Final
Medial
Final

Number
Singular Plural
67
183
107
240
NA
107
NA
147

The distribution of the nasals of the -/nən/ words is
visualized in a plot (Figure 3), which shows that the
plural forms (e.g. túnen) pair together with a
significantly longer duration than the singular forms
(e.g. tún).
Figure 3: Duration of nasal (ms) broken down by
number and position in sentence.

Figure 2:
Annotation of Ik ha twa túnen han.

A number of realizations were excluded for different
reasons. In one case, only schwa was realized; in
two cases, neither schwa nor a nasal was realized
(but the stem vowel was nasalized); in 85 cases,
fully realized [ən] occurred. In another 39 cases the
target word and/or sentence were incorrectly

To see if these means are significantly different, we
ran a linear mixed model with duration as the
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dependent factor, stimulus type (-/n/, -/nən/
or -/tən/), and number and position as random
factors. We compared the model with and without
interaction based on the AIC. The model with the
best fit (i.e. the lowest AIC) is presented in Table 3.

The results show that the longer duration of the nasal
in final position as opposed to medial position
(reference level) is significant (t = 9.7, p < 0.001).
The duration of the nasal of the plural is
significantly longer that the coda nasal in the
singular (t = 25.9, p < 0.001). Further, the nasal in
tinten is significantly shorter than the nasal in the
critical stimuli (t = −10.9, p < 0.001). Finally, we
observe a relatively small but significant interaction
between position and number (t = 2.7, p = 0.008).

similar to that of Dutch, but schwa deletion does not
occur in final -/nən/ in Standard Dutch. Instead, ndeletion is favoured. The pattern we found in WestFrisian is more similar to German, in which schwa
deletion is applied in the same final -/nən/ context,
also leading to a longer duration [9]. Schwa deletion
is not borrowed from German, however, but
probably an innovation resulting from dialect
contact with a neighbouring Low Saxon dialect
spoken in the Netherlands [10].
Alternatively, we could consider the syllabic
nasal as concatenated to the stem, without
gemination. However, this immediately raises the
question why the syllabic nasal does not delete, as in
other parts of the grammar (see example 4).
Apparently, the syllabic nasal blocks deletion.
Further research has to show whether this holds for
other sonorants as well, as schwa deletion in
final -[əl] and -[ər], and what other phonological
processes are blocked or caused by syllabic
sonorants. Finally, we have to note that we only
investigated the duration of the alveolar nasal. The
nasal in -/ən/ undergoes place assimilation to the
preceding consonant, especially if this preceding
consonant is itself a nasal [2]. This means that a
geminate labial nasal is expected to occur in e.g.
eksamen [ɛksamː] ‘exam’ and a geminate velar nasal
is expected in gongen [ɡɔŋː] ‘went.PL’.

5. DISCUSSION

6. CONCLUSION

West-Frisian word-final -/ən/ tends to undergo
schwa deletion, after which only the nasal remains.
This resulting nasal is syllabic after obstruents, but
incorporated in the syllable of the stem if the stem
ends in an approximant. We investigated the
realization of this nasal after a coda nasal, and raised
the possibility that it was geminated.
One would expect the nasal resulting from schwa
deletion in final -/nən/ to be longer than the stemfinal nasal without the suffix final. One would also
expect the plural form to be pronounced somewhat
faster than the singular form since the plural is
longer, and a stress-timed language such as WestFrisian aims to maintain constant word length. Our
results show that the coda nasal is shorter than the
syllabic nasal, and that the syllabic nasal after a coda
nasal is even longer. This suggests that gemination
occurs.
Geminate formation in West-Frisian is
remarkable since geminates are avoided in the rest
of the grammar [6]. Geminates are also entirely
absent in Dutch, the majority language, and the other
native language of all native West-Frisian speakers.
The phonology of West-Frisian is to a great extent

We raised the question what the result is of schwa
deletion in words ending in a nasal and suffixed with
-/ən/ in West-Frisian. Therefore, we measured the
nasal duration of singular and plural forms of the
same -n final stems. We did this in sentence medial
as well as in sentence-final position.
The results show that the duration of the nasal in
the plural forms (with two underlying nasals) is
more than twice as long as in the singular (with just
one underlying nasal). This suggests that nasals in
underlying word-final -/nən/ in West-Frisian result
in a geminate. This is interesting since we are
unaware of other geminates or gemination processes
in the West-Frisian, neither does it occur in the
majority language Dutch that the speakers have
native proficiency in. Rather, West-Frisian seems to
pattern with German in this respect.

Table 3: Values, t-values and p-values of the
intercept, number, position in sentence and their
interaction. Stimulus type refers to n-final stems
vs. tinten.

Effect / interaction
Intercept)
Position (Final)
Number (Pl)
Stimulus Type (tinten)
Position (Final) : Number (Pl)

Value
t
68.4 10.6
40.3
9.7
115.3 25.9
−84.4 −10.9
16.2
2.7

p
<0.001
<0.001
<0.001
<0.001
0.008
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ABSTRACT

Despite the high degree of structural uniformity
shared by Ligurian varieties [19, 26], Intemelian
differs from Genoese and other closely-related
dialects in one crucial phonological feature:
contrastive vowel length. According to the historical
grammar of Ventimigliese by [1], vowel quantity,
once present in Intemelian [20], has completely
disappeared (at least in coastal Intemelian; some
internal varieties maintain contrastive vowel length,
limited to oxytones [5]).
Genoese is the Ligurian dialect in which vowel
length is more robustly attested in both stressed (e.g.
/ˈleːze/ ‘to read’ vs. /ˈleze/ ‘law’; /ˈdaː/ ‘to give’ vs.
/ˈda/ ‘(s)he/it gives’) and pretonic vowels (e.g.
/kaːˈseta/ ‘little sock’ vs. /kaˈseta/ ‘little ladle’ [20]).
In Western Ligurian, spoken between Noli and
Taggia, on the other hand, the status of contrastive
vowel length is less clear, since it is restricted to a
lower number of (sub)minimal pairs and does not
occur in unstressed vowels (cf. [13] on the Western
Ligurian dialect spoken in Porto Maurizio,
Portorino). Experimental studies on Ligurian are
essentially limited to [13] and [9] on Genoese and
Portorino. Moreover, no experimental study has
been carried out yet on Intemelian varieties in order
to verify whether vowel quantity has totally
disappeared or has left residual traces.

According to the non-experimental literature,
Intemelian Ligurian, unlike closely-related dialects
such as Genoese and Western Ligurian, does not
display vowel length distinctions anymore. This
research is the first attempt to carry out an
experimental analysis of temporal and spatial
correlates of vowel length (i.e. vowel and post-tonic
consonant durations; F1 and F2 formant values) in
Intemelian, compared with the neighboring dialects
and across different prosodic contexts (i.e. utterancefinal position and discourse focus).
Two patterns were detected: the first one
represented by Genoese and Western Ligurian,
where temporal differences between long and short
vowels are consistently implemented, and the second
one by Intemelian, in which such opposition is not
found, thus confirming the impressions provided by
the previous literature. Finally, we discuss some
variation observed in the Intemelian vowel space
and we assess the impact of different prosodic
contexts on both vowel quantity and quality.
Keywords: Vowel quantity and quality, Ligurian,
Italo-Romance, phonetics/prosody interface.
1. INTRODUCTION

2. RESEARCH QUESTIONS AND
HYPOTHESES

Intemelian is an Italo-Romance dialectal group
belonging to Ligurian [11] (see Figure 1) and
including several varieties spoken between Taggia
and Monaco. Like the other closely-related Ligurian
dialects [22], the Intemelian group is definitely
endangered.

In this paper, we intend to provide an acoustic
analysis of vowel length in Intemelian, in terms of
vowel duration and other phonetic correlates, in
particular post-tonic consonant duration and vowel
quality. Our main research questions are as follows:
• Do Intemelian speakers display durational or
qualitative differences in words (i.e.
(sub)minimal pairs) which in Genoese and
Western Ligurian show an opposition between
long and short vowels?
• What role is played in Intemelian by prosodic
contexts which have well-known lengthening
effects, such as the utterance-final position
and discourse focus?
• Based on the experimental data on vowel
length, how can Intemelian be described with
reference to Genoese and Western Ligurian?

Figure 1: A linguistic map of Liguria ([14],
adapted from [11]).
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As far as the first research question is concerned, we
expect no significant difference between short and
long vowels in Intemelian. Similarly, no durational
difference is expected between post-stress
consonants, since Northern Italian dialects usually
lack a distinction between short and long consonants
[25]. Concerning the second question, we will
examine the effects of the utterance-final position [4,
23] and discourse focus (i.e. phonological focus [6])
on vowel and consonant durations. As far as
Genoese and Western Ligurian are concerned, [9]
showed an overall increase in durational values both
in the utterance-final position and contrastive focus,
while significant length contrasts are maintained
between short and long vowels. In Intemelian, we
expect both focus and boundary position to increase
vowel (and consonant) durations, independently of
whether vowel length contrasts are present.
In addition, we will also consider effects on
vowel quality (F1 and F2 formant values) in
Intemelian, in order to verify if additional cues for
vowel distinction are to be found. We do not expect
any spectral change related to a difference between
short and long vowels. However, in case durational
differences are observable, based on the literature
([16, 17, 18]; [27] on some Emilian dialects), we
expect short vowels to have a smaller vowel space
than long vowels. Finally, both the utterance-internal
position and discourse focus are expected to increase
the vowel space [4] on the whole.

(compared to the non-focal one) on vowel and
consonant duration. After a brief training session,
sentences (a) and (c) were presented to the speakers
in standard Italian on a laptop screen and sentences
(b) were read aloud by one of the experimenters also
in standard Italian. In all three cases, the speakers
were then asked to translate the sentences into their
native dialect. Table 1 includes the target items used
in the three tests:
Table 1: The target items.
Vowels

Target items

/aː/ ~ /a/

/ˈnaːzu/ ~ /ˈmazu/, ‘nose ~ may’
/ˈseːne/ ~ /ˈsene/, ‘meals ~ ash’
/ˈpeːzu/ ~ /ˈpedʒu/, ‘weight ~ worse’
/ˈleːdʒe/ ~ /ˈledʒe/, ‘to read ~ law’
/ˈriːku/ ~ /ˈriku/, ‘Henry ~ rich’
/ˈduːse/ ~ /ˈduze/, ‘sweet ~ twelve’
/ˈfryːtu/ ~ /ˈbrytu/, ‘fruit ~ ugly’

/eː/ ~ /e/
/iː/ ~ /i/
/uː/ ~ /u/
/yː/ ~ /y/

For the sake of a cross-dialectal comparison, the
selected target items are words which are shared by
Intemelian, Genoese and Portorino. However, while
in the last two varieties such words are part of
(sub)minimal pairs with a phonemic long or short
vowel, their phonological status in Intemelian has to
be properly assessed. Moreover, in the case of
/ˈleːdʒe/, /ˈledʒe/ and /ˈpedʒu/ two Intemelian
speakers consistently produced [ɛ] instead of [e].
The tokens of [ˈpeːzu] ~ [ˈpɛdʒu] produced by them
were discarded from the durational and the formant
analysis since they would no longer form a
(sub)minimal pair, whereas the tokens of [ˈlɛːdʒe]
and [ˈlɛdʒe] were excluded from the formant
analysis only. All in all, we examined a total of 393
vowels and as many consonants for the investigation
of duration and 311 vowels for the analysis of
formants (one speaker had to be excluded because of
an overall anomalous vowel space). For the
comparative analysis in § 4.2. we relied instead on
843 vowels and consonants (including Genoese and
Portorino; for a detailed analysis of these data, we
refer to [9]).
Durational values for stressed vowels and poststress consonants were automatically extracted with
a script in PRAAT [3]. Vowels and consonants were
manually segmented, by looking at the presence (or
absence) of the full formants structure and placing
segment boundaries at zero crossings [21]. Formants
values for F1 and F2 were automatically extracted at
five different points in the vowel (20%-33%-50%66%-80%, [12]) by means of LPC in PRAAT and
then averaged. Suspect outliers were manually
checked.

3. DATA AND METHODS
3.1. Speakers, experiments and target items

Six native speakers (4 males and 2 females; average
age: 61.83, sd: 10.85) from Camporosso and the
neighbouring town Vallecrosia (both belonging to
coastal Intemelian) were selected for an interview
and recorded by means of a Marantz PMD 561
recorder and a Røde NTG-2 condenser shotgun
microphone. The informants were asked to carry out
three production tests in the same session: (a) carrier
sentences (henceforth: CS), (b) SVX sentences
(henceforth: SV) and (c) contrastive carrier
sentences (henceforth: CC). Type (a) is represented
by frames like ‘I have said X for the first / second
time’; type (b) by canonical sentences characterized
by a subject-verb-direct object (or another
complement) word order, as in ‘The boy picked a
fruit’ and ‘The boy picked a fruit with red skin’ and,
finally, (c) contrastive carrier sentences such as ‘I
have said X, not Y this time’ and ‘I have said Y, not
X this time’. Tests (b) and (c) were used to assess
the effect of the utterance-final position (compared
to the utterance-internal one) and the focal position
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3.2. Statistical analysis

length was made possible by the homogenous
elicitation methods and target items used in [9], from
which the Genoese and Portorino data were drawn.
Since [9] only considers SV and CC sentences, we
restricted our comparison to these two production
tests. Figure 2 provides an overview of vowel
duration in these contexts.

The data were analysed by means of linear mixed
models in R [24] with the lme4 toolbox [2]. In each
case, the best model (the one with lowest AIC and
BIC values) was selected through model comparison
with ANOVA based on Likelihood ratio test. The
dependent variable was (absolute) Vowel Duration
in ms. (or, alternatively, Consonant Duration in ms.).
The fixed part of the models consisted of the
following independent variables: (i) Vowel Length
(levels: phonologically long / short vowels), (ii)
Production Tests (CS / SV / CC sentences) and (iii)
Position within the SV sentence (utterance-internal /
utterance-final) or Position within the CC sentence
(focal / non-focal).
For the comparative analysis carried out in § 4.2.,
the Dialect factor (Genoese / Intemelian / Portorino)
was included as well. The random effects inserted in
all models were Speakers and Target Items. For
further information on the variables used for the
spectral analysis, cf. § 4.3. For reasons of space, in
the next paragraphs we will only report the most
interesting results in relation to our research
questions.

Figure 2: Vowel Duration in Genoese (GE),
Portorino
(PM)
and
Intemelian
(VM)
[INT=internal, FIN=final position; NF=non-focal,
FOC=focal position].

In the SV test, interactions between the variables
Vowel Length and Dialect (long vowels being
shorter in Intemelian compared to Genoese, p<0.01,
and Portorino, p=0.06) as well as between Position
in the SV sentences and Dialect (the utterance-final
position had an overall stronger lengthening effect
on Intemelian than Genoese, p<0.05, and Portorino,
p<0.001) were detected. This finding might suggest
the action of phonological constraints on prosodic
lengthening in Genoese and Portorino (a typical
situation for varieties displaying vowel length [23]).
Similarly, in the CC context, we observed a
significant interaction between Vowel Length and
Dialect, leading to a shortening of long vowels in
Intemelian compared to both Genoese and Portorino
(p<0.001).
Regarding the status of post-stress consonants
(see Figure 3), in the SV sentences we found a
significant interaction between Dialect and Vowel
Length (Intemelian consonants following short
vowels are shorter than in Genoese, p<0.05, and
Portorino, p<0.01). The same interaction was found
in the CC context compared to the other two
varieties (Intemelian consonants following short
vowels are shorter than in the other two dialects,
p<0.01).
All in all, the shortening of ‘long’ vowels as well
as post-tonic consonants following ‘short’ vowels in
Intemelian suggests that vowel length contrasts in
this variety are no longer realized.

4. RESULTS
4.1. Vowel and Consonant duration in Intemelian

4.1.1. Vowel duration
The difference between (allegedly) long and short
vowels did not prove significant in the CS
production test (p=0.29). The same result was
confirmed for the SV (p=0.40) and the CC (p=0.76)
sentences. In the SV sentences, the only significant
difference involved the utterance-internal and final
position (this last one having a lengthening effect,
p<0.001). In the CC test, the difference between
non-focal and focal position (the latter displaying a
lengthening effect, p<0.001) was highly significant
as well.
4.1.2. Post-stress consonant duration
Post-tonic consonants did not show any significant
difference in duration following long or short vowels
in any context: CS (p=0.57), SV (p=0.85) or CC
(p=0.76). As in the cases of stressed vowels, both
the utterance-final position (p<0.001) and discourse
focus (p<0.01) had a lengthening effect.
4.2. A cross-dialectal comparison of vowel and
consonant duration

The comparison between Intemelian and two
Ligurian varieties that maintain contrastive vowel
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Figure 3: Post-tonic consonant duration in
Genoese (GE), Portorino (PM) and Intemelian
(VM) after long and short vowels [INT=internal,
FIN=final position; NF=non-focal, FOC=focal
position].

(p<0.001) and /i/ (p<0.001) was higher, while F2 of
/u/ (p=0.06) only showed a tendency to decline.
The addition of the Position within the SV and
the CC sentences to the analysis has revealed that F2
of /a/ (p<0.05) was higher in the final position,
compared to the internal one. The impact of
focalization, compared to the non-focal position, had
a raising effect on F1 of /a/ (p<0.001) and F2 of /e/
(p<0.01).
5. CONCLUSION
Our inquiry has shown that a phonetic difference
between short and long stressed vowels is not to be
found anymore in Intemelian, which may suggest
the complete disappearance of vowel length
contrasts. Moreover, at the segmental level, poststress consonants do not exhibit any difference in
duration [25]. A comparison with two other Ligurian
varieties revealed different patterns concerning
vowel and consonant durations in Liguria. The first
one is represented by Genoese and Portorino, in
which vowel length is signaled by the robust
phonetic implementation of durational differences
between long and short vowels. Additionally, and
surprisingly,
post-tonic
consonants
show
complementation effects (cf. the data in [9] and
[10]). The second pattern is represented by
Intemelian, in which there is no durational
difference between short and long vowels (as well as
between short and long consonants).
The investigation of different prosodic contexts
has shown that Intemelian displays an overall
increase of durational values in the utterance-final
and the focus positions. In the former context, this
effect has proven to be proportionally more robust
than in the other two varieties. Regarding the
analysis of F1 and F2 in Intemelian, no consistent
differences related to vowel length were found,
except in the case of high palatal vowels. These
exceptions need further investigation and a fullfledged comparison with Genoese and Western
Ligurian data. Finally, F1 of /a/ and F2 of almost
every vowel were affected by the SV and the CC
contexts in terms of an expansion of the vowel
space.

4.3. Some preliminary observations on vowel quality:
F1 and F2 in Intemelian

In order to evaluate possible changes in vowel
quality in the Intemelian variety, we ran a new
battery of linear mixed models in which the
dependent variable was represented by the
normalized F1 and F2 formant values (obtained by
means of Lobanov normalization [15, 7]). The fixed
factors were Vowel Length and Production Test and
the random factors were Speakers and Target Items
(cf. § 3.2.). Vowel Length was included in the model
in order to test our research question whether
speakers still differentiate between short and long
vowels, this time from a qualitative point of view.
The non-significant results for most of vowels
suggest that this is not the case. However,
unexpectedly on the basis of the durational findings,
F2 of /i/ turned out lower in words that used to have
short /i/ than in the ones that used to have /iː/,
p<0.001) in the SV and the CC tests. A similar result
was found for /y/: F2 of short /y/ was lower in the
SV sentences (p<0.05). These findings, restricted to
high palatal vowels and to specific contexts, seem
difficult to explain in a variety which does not
display vowel length anymore and need to be
verified on the basis of a larger dataset.
On the other hand, the Production Test factor had
a significant main effect on F1 of /a/ as well as on
F2 of almost every vowel in the dataset. More
precisely, F1 of /a/ was significantly higher in the
CC test, i.e. /a/ was lower within the vowel space,
compared to the CS sentences (p<0.05). In the SV
test, compared to the CS sentences, F2 of /a/
(p<0.05) was lower (i.e. /a/ was more retracted),
while F2 of /i/ (p<0.05) was higher (i.e. /i/ was more
advanced). Regarding the CC test, F2 of /e/
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ABSTRACT
This study leverages cultural expectations of
rhyming patterns to study Canadian Raising in
Metro-Detroit English. This feature has been found
in a variety of phonetic contexts and is suggested to
be only marginally contrastive. In the first
experiment, I examine baseline production using a
sentence-reading task and find raising in a variety of
contexts with notable inter-speaker variation. The
second experiment uses a novel poetry paradigm to
test contrastiveness of [aɪ] and [ʌi]. Results show
general accommodation in vowel duration and
backness, but not vowel height. However, vowel
height does appear to be affected by context in a
small number of productions. These findings suggest
that the two vowels are indeed marginally
contrastive in Metro-Detroit English. This paper
studies the spread and contrastiveness of Canadian
Raising, and has implications for a new paradigm for
studying phonetic contrasts.
Keywords: Canadian Raising, phonetic contrasts,
context, phonetic accommodation
1. INTRODUCTION
Canadian Raising is a well-studied phonetic
phenomenon in which /aɪ/ in Standard American
English splits into [aɪ] and [ʌi] in some dialects [11].
Despite its name, this has been found to occur in a
variety of geographic areas, including the U.S. state
of Michigan [3,13]. Though this shift in
pronunciation was originally suggested to happen
only before voiceless consonants, further work has
found that it occurs in a number of other phonetic
environments, such as before [r], [d], and [g] [20].
Furthermore, speakers of the same dialect have
differing intuitions about which words are and are
not raised.
Significant variation in Canadian Raising has led
many researchers to conclude that it is a marginally
contrastive phenomenon [7,8]. This is because the
two diphthongs are neither consistently produced
nor perceived as separate by speakers of a single
dialect, despite most speakers having intuitions that
the two sounds are distinct. Conclusions about
contrastiveness have largely come from studies that
generalize over inter-speaker variation in perception
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and production of the contrast. However, it may be
informative to also examine phonology at the
individual level.
Though we often speak of contrastiveness at the
dialectal level, it is possible that individuals may
vary in their own phonologies. Indeed, variation in
speaker intuition about which words are produced
with [aɪ] vs. [ʌi] has been reported in many of the
previously cited sources. It may be that individual
speakers are consistent in their own productions, but
the phenomenon appears marginally contrastive at
the dialectal level because of speaker differences.
Thus, this study is interested in whether speakers are
consistent in their production patterns of Canadian
Raising. Consistency would support a stronger
contrast than has been found at the dialectal level,
while inconsistency would support previous findings
of marginality.
The poetry paradigm used here relies largely on
phonetic accommodation and imitation. Phonetic
accommodation refers to changes in production
based on social factors. Research has found that
changes in interlocutor or context can affect many
facets of speech, including word pronunciation,
speech rate, and pitch [5,12]. I suggest that poems
are a certain type of context, where learned cultural
expectations may influence production. As noted by
Trudgill [19], this accommodation is restrained by
phonology— accommodation would not be expected
if it would cause a shift from one phonological
category to another. Thus, if two words (one
typically [aɪ], the other [ʌi]) are expected to rhyme
in a poem, the poetry context may cause the speaker
to accommodate by assimilating the second sound
toward the first. Accommodation here would suggest
a marginal contrast in the mind of the speaker.
Beyond contextual expectations, this elicitation
method may also call on phonetic imitation. It has
been proposed that word representation is episodic
or relies on exemplars; recent and long-term
phonetic information is stored in memory [6,16].
Studies show that this stored information can then
affect production: for both consonants and vowels,
phonetic production can be altered by previous
speech [4,14]. It is noted that this imitation occurs at
the phoneme level and is constrained by
phonological categories. Though most studies have
examined
imitation
of
another
speaker’s
productions, there is some evidence that speakers

may imitate features of their own speech [17]. From
this, we may expect that the combination of
contextual expectations and phonetic imitation may
cause variability in the production of [aɪ] and [ʌi]
when they are paired together in a rhyme.
If the two sounds in question are indeed
marginally contrastive, we would expect that (for
[aɪ]-[ʌi] rhymes) an [ʌi] produced at the end of the
first line of a poem would differ from one produced
at the end of the second line. This is because the first
production does not have the context of a previous
rhyming word. The second production, however,
occurs after [aɪ] has already been produced and the
speaker is expecting the two words to rhyme. If the
two sounds are fully contrastive, then we would not
expect to see any changes in production between
when a word is ordered first or second in a poem.
In this study, I expect that speaker productions of
[aɪ]/[ʌi] for a given word will vary depending on
location in a rhyme, due to phonetic accommodation
and imitation. Specifically, it is expected that
typically-raised words like writer will have a
lowered production (closer to [aɪ]) when in the
second line of a rhyme. This is because speakers are
likely exposed to Standard English, which only uses
[aɪ], so these productions may be somewhat
acceptable. In contrast, typically-unraised words like
higher are unlikely to ever be heard as [ʌi], so
accommodation in this direction is not as expected.
2. METHODS
This study includes two production experiments.
Experiment 1 employed a sentence-reading task to
test baseline raising patterns and Experiment 2 used
a poetry paradigm to examine production in rhyming
contexts. Both experiments were self-paced, where
the participant clicked to make the next sentence or
the next line of the poem appear. The second
experiment consisted of two parts. The first was a
familiar poem reading, in which participants read 16
couplets (mostly from nursery rhymes) aloud. This
was to familiarize them with the rhyme scheme and
prime them to expect rhyming. The second was a
novel poem-reading task, where they read unfamiliar
couplets with [aɪ]-[ʌi] paired rhymes.

filler items were used, and the list was pseudorandomized.
Table 1: Raising categorization of target words.
Predicted Raised (PR)
biter
fire
hire
invited
sighted
spiders
whiter
writing

Predicted Unraised (PU)
buyer
higher
divided
liars
flier
provided
flyer
rider
fryer
shyer
glided
sider
gliders
sliding
guiding
slider
hiders
wider

For Experiment 2, each PR word occurred in two
poems: once at the end of the first line and once at
the end of the second line. Both times it was paired
in a rhyme with a PU word. In dialects without
Canadian raising, each of these matches would
create perfect rhymes; for the speakers in this study,
a rhyming mismatch was intended for each pair.
This created a total of 16 target poems, which were
pseudo-randomized with 130 filler poems that did
not include the target diphthongs.
2.2. Participants and procedure

Ten participants (8F,2M, aged 18-65) were recruited
for this study. All participants were native English
speakers born and raised in the Metro-Detroit area.
Participants were paid $5 upon study completion.
For each participant, Experiment 1 and
Experiment 2 (in that order) were completed in one
day, in a quiet location. Recordings were created
using a Zoom H4N Pro portable recorder and an
AKG C 520 head-mounted microphone at 44.1kHz.
Participants were instructed to read the text aloud
in a normal speaking voice. They were told to click
through PowerPoint slides containing the stimuli at
their own pace and to not advance until they had
completely finished reading the text. At the end of
the session, participants completed a background
language questionnaire.
2.3. Statistical analysis

2.1. Stimuli

The stimuli consisted of the 26 target words shown
in Table 1, which were categorized as either
Predicted Raised (PR) or Predicted Unraised (PU)
based on previous literature and experimenter
intuitions as a speaker of the dialect [9,13].
For Experiment 1, each word was read in
isolation and in a carrier sentence. An additional 72
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Recordings were manually annotated in Praat [2],
using markers such as intensity and formant
transitions [15]. For each target word, five measures
were taken: duration, F1 at nucleus, F2 at nucleus,
F1 at offglide, and F2 at offglide (see [8]). The
vowel nucleus refers to the point of maximum F1,
and the offglide refers to the point of maximum F2.
In order to account for gender differences in
frequency, resulting formant values were centered

and scaled for each individual speaker prior to
statistical analysis.
For each experiment, a linear mixed-effects
regression was run in R [18] using the package lme4
[1] for each individual measure and p-values were
obtained using Satterthwaite Approximations from
lmerTest [10]. In Experiment 1, Gender and
Predicted Raising were used as fixed effects with
Speaker as a random effect. In Experiment 2,
Gender, Predicted Raising, Order, and the
interaction between Predicted Raising and Order
were used as fixed effects, and Speaker as a random
effect. Beyond these models, non-raised vowels in
the PR condition in the baseline experiment were
located by searching for outliers 2.5 standard
deviations from the mean of F1 at nucleus in the PR
condition for each speaker, then removed. Data
visualizations were created using ggplot [21].
3. RESULTS
3.1. Experiment 1

A linear mixed-effects model found a significant
effect of raising on duration (β=0.22, SE=0.13,
p<0.001), F1 at nucleus (β=1.49, SE=0.11,
p<0.001), F1 at offglide (β=1.01, SE=0.122,
p<0.001), F2 at offglide (β=-0.35, SE=0.12, p<0.01).
No significant effect of raising on F2 at nucleus
(β=0.24, SE=0.11, p=0.09). In each regression,
gender was not a significant predictor.
As expected, the PU condition overall was
predicted by longer duration, higher F1 at nucleus
and offglide, and lower F2 at offglide. It was also
expected that gender would not be significant, as
normalized scores were used in each regression.
Difference in F1 at nucleus is shown in Figure 1.

As seen in the first figure, there are notable outliers
in the PR condition. A total of 7 outliers were found:
hire for 6 speakers and fire for one speaker.
3.2. Experiment 2

The model for duration found a significant effect of
Predicted
Raising
(β=2.8e-02,
SE=3.5e-03,
p<0.001), and Predicted Raising*Order (β=-1.9e-02,
SE=4.9e-03, p<0.001). F1 at nucleus was
significantly predicted only by Predicted Raising
(β=1.27, SE=0.1, p<0.001). F2 at nucleus showed a
significant effect of Predicted Raising (β=0.63,
SE=0.14, p<0.001), Order (β=0.36, SE=0.2, p<0.5),
and Predicted Raising*Order (β=-0.58, SE=0.2,
p<0.01). Regression for F1 at offglide found a
significant predictor only in Predicted Raising
(β=0.64, SE=0.13, p<0.001). All other predictors
were not significant (p>0.05).
As with the first experiment, statistical results
show that PU words were overall longer than PR,
and had higher F1 and lower F2. Differences
between first and second order only significantly
predicted the F2 value at nucleus. The interaction
between Predicted Raising and Order significantly
predicted differences in duration and F2 at nucleus,
indicating that duration and F2 at nucleus for the PR
and PU categories were affected differently by a
change in order.
4. DISCUSSION
The results from Experiment 1 show that Canadian
Raising is present in Metro-Detroit English roughly
as expected, based on raising predictions. Production
of raising can be quantified here with duration, F1 at
nucleus and offglide, and F2 at offglide. Though the
broad patterns are as expected, several outliers were
discovered. These outliers were the words hire and
fire, which were predicted to be raised (PR), but had
F1 at nucleus values closer to the PU condition.
Notably, neither of these words have diphthongs in
the traditionally-described context for Canadian
Raising (prior to a voiceless consonant). This may
suggest that diphthongs are less likely to be raised in
non-traditional contexts. Additionally, as these
outliers only existed for some of the speakers, we
can conclude that there is indeed inter-speaker
variation in Canadian Raising.
Experiment 2 again found that words in the PR
and PU categories generally behaved as expected in
regard to duration, F1, and F2. Order was found to
affect only F2 at nucleus, indicating that when a
word occurs second in a poem, it is more fronted
than when it occurs first. In studying the interaction
between Order and Predicted Raising, it was found
that for duration and F2 at nucleus, words in PR vs.

Figure 1: Experiment 1, normalized F1 at nucleus

129

PU were affected differently by order. For both
measures, the second order production was shifted
toward the word it rhymed with (e.g. the [ʌi] in an
[aɪ]-[ʌi] rhyme was produced as more fronted and
with a longer duration than the [ʌi] in an [ʌi]-[aɪ]
rhyme). These shifts in production suggest that the
poetry context does provoke accommodation for
duration and F2 measures.
Though Canadian Raising is often correlated with
duration and F2, the main indicator is vowel height
(F1 at nucleus). This measure was only significantly
predicted by Predicted Raising, indicating that there
was no global effect of order on vowel height, and
that PR and PU words did not vary by order (as we
might expect, if they accommodate toward one
another). This lack of effect suggests that there was
no phonetic accommodation in vowel height for the
target words. Assuming that rhyming contexts can
influence production through socio-contextual
awareness of poetic conventions and phonetic
imitation, we might then conclude that a lack of
accommodation points to the sounds [aɪ] and [ʌi] as
being distinct phonemes with a strong contrast.
However, when examining individual data, there
is evidence that this phonetic contrast is not so
concrete. Figure 2 shows one speaker’s productions
of wire and its rhymes (flier-wire, wire-buyer) in the
second experiment.

to show accommodation of PR wire toward PU flier,
but no accommodation of PU buyer toward PR wire.
Such patterns can be observed in a handful of the
data, roughly 10 sets of productions across 5
speakers. As in Figure 2, most of these patterns are
with PR words instead of PU words, in line with
earlier predictions. These shifts suggest that though
an individual speaker has intuitions and tendencies
for certain productions of Canadian Raising, the
distinction between [aɪ] and [ʌi] is at least somewhat
malleable. This individual malleability aligns with
previous conclusions at the dialectal level that the
phenomenon is only marginally contrastive.
5. CONCLUSIONS
This study finds that Canadian Raising is present in
Metro-Detroit English in a variety of phonetic
contexts with notable inter-speaker variation for
non-traditionally raised words. In order to examine
contrastiveness of these sounds at the level of
individual phonology, a novel poetry paradigm was
introduced. This task relies on learned expectations
of poetry structure and phonetic imitation to induce
phonetic accommodation between [aɪ] and [ʌi].
There is broad evidence of accommodation for
duration and F2, but not for F1, which is the most
prominent feature of Canadian Raising. However,
further inspection of the data shows potential
accommodation for vowel height in a handful of
instances. These results support the account that [aɪ]
and [ʌi] are marginally contrastive sounds.
Future work remains, such as examining general
phonetic patterns in poetry contexts to ensure that
the observed shifts in production are in fact due to
accommodation. The paradigm created for this study
can also be employed to test other marginal contrasts
or mergers (e.g. testing contrastiveness of cot-caught
vowels for speakers who do not have a complete
merger/split). This study gives an overview of the
phenomenon of Canadian Raising in the MetroDetroit area, and offers insight into its marginal
contrastiveness using a novel poetry paradigm.

Figure 2: One speaker’s productions of wire (PR,
black) in Experiment 2, shown with its paired rhymes
flier (PU, grey circle) and buyer (PU, grey triangle).
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In this graph, we can observe potential
accommodation in terms of F1 (vowel height).
Overall, when a word is at the end of the first line
(ordered first), it tends to have a lower F1 than when
a word is at the end of the second line (ordered
second). However, the frequency difference between
first and second order for the PR condition is 189
Hz, which is much greater than the PU difference of
57 Hz. In terms of vowel height, this speaker seems
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ABSTRACT

process caused by language contact with Scottish
Gaelic, and that a full synchronic analysis of the
phenomenon need come from new sources. This is
because data reported in both the unpublished and
published versions of the Linguistic Atlas of
Scotland, for instance, include very few tokens of
these coda clusters, situated only within
monosyllabic environments, that may altogether be
confounded by “on the spot” transcriptions from
over a dozen field linguists (p. 161).
The current language production study
utilized patterns of distribution across varying
morphophonological environments and durational
information in the acoustics to determine whether
vowel insertion in Scottish English is—as is
described in survey literature reporting fieldworker
perceptions—phonological epenthesis.

Published accounts of Scottish English vowel
insertion in liquid+liquid and liquid+nasal coda
clusters are limited to linguistic surveys. This paper
aims to supplement the existent literature by
describing the acoustic properties of the vowel and
the conditioning environment for this process. The
boundary dispute regarding whether the inserted
vowel should be classified as phonetic or
phonological has been assessed for Dutch schwa
insertion in liquid+consonant clusters, but not yet for
Scottish English vowel insertion. Duration, along
with rate and distribution of application, were used
to determine the status of the inserted vowel. Results
indicate that the vowel aligns more closely with
phonological epenthesis, varying in duration with
respect to the duration of preceding vocalic and
liquid segments and interacting with syllable
structure and morphology.

2. PHONETIC OR PHONOLOGICAL
PROCESS
Whether or not a late inserted vowel is considered
phonetic or phonological—an example of a
boundary dispute [18]—has been assessed for Dutch
schwa epenthesis in liquid+consonant clusters [22],
but not yet for Scottish English vowel insertion.
Vowels that are not considered epenthetic are
regarded as phonetic, insofar as they surface due to
articulatory constraints (i.e., as a result of the low
amount of gestural overlap of adjacent segments
[3]). Many languages have reported cases of
phonetic vowel excrescence (e.g., Dutch [5], English
[31], Gaelic [6]; for a review, see [14], p. 390).
Vowel epenthesis, however, is the deliberate
insertion of a vowel as a phonological repair
strategy.

Keywords: phonetics; vowel epenthesis; Scottish
English; segment duration; morphophonology.
1. INTRODUCTION
In Scottish English, liquid+liquid and liquid+nasal
coda clusters in monosyllabic, monomorphemic
words are subject to vowel insertion. The term
Scottish English is used to delineate a “bipolar
linguistic continuum” [28] with Scottish Standard
English on one end of the continuum and Broad
Scots on the other [1, 8, 27]. In 1921, Grant & Dixon
[13] noted that native speakers of Scottish English
often perceive a vowel after coda /r/ before /l/ and
/m/. Scobbie et al. [21], in an overview of the
acquisition of Scottish English phonology, posits
that the insertion of a vowel in monomorphemic
words (i.e., world, farm, film) is a phonotactic
requirement in “broader speech” and may be
lexicalized in Scottish Standard English (p. 10). The
most attention that this phenomenon has received
within recency has come from Maguire [17], who
utilized the unpublished version of the Linguistic
Atlas of Scotland to better understand the
distribution
of
epenthesis
across
various
geographical regions. Maguire [17] determined that
epenthesis in Scots is unlikely to be a diachronic

2.1. Motivations for phonological vowel epenthesis

Phonological vowel epenthesis may be triggered by
a need to satisfy universal or language-specific
sonority and syllable structure constraints. The
Sonority Sequencing Principle (‘SSP’) asserts that
the syllable nucleus has the maximum sonority
value, with segments in onset position rising in
sonority toward the nucleus and coda segments
descending in sonority away from the nucleus [23].
Nasals are less sonorous than liquids, and therefore
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do not violate the SSP or the Sonority Dispersion
Principle [7], which specifies that sonority in final
demisyllables be minimally dispersed. Since liquids
and nasals minimally differ in their sonority and
liquid+liquid coda clusters form a sonority plateau,
with no sonority dispersion, insertion is not easily
predicted in these clusters by universal sonority
restrictions.
Certain monomorphemic suffixes may
trigger resyllabification, so that monosyllabic,
monomorphemic
words
become
bisyllabic,
bimorphemic words. This occurs in cases where a
nucleus is provided by a suffix that is either a vowelinitial or syllabic consonant. The second consonant
of the coda cluster may then resyllabify from coda of
the first syllable to onset of the second syllable.
Suffixes that do not contain a viable syllable nuclei
are expected to undergo vowel insertion if insertion
is used to repair dispreferred coda clusters (e.g.,
filmed [fɪ.lVmd]), but suffixes that do should block
vowel insertion, as they trigger a resyllabification
that breaks up the cluster with a syllable boundary
(e.g., filming [fɪl.mɪŋ]).

reorganization of timing and durational factors and
originate at a lower level” [26] (p. 306). Comparing
the nasalized portion of the vowel across speech
rates, Solé [25] hypothesized that the duration of
vowel nasalization (contrasted with the duration of
the oral portion) should vary with speech rate if
nasalization was a deliberate phonological process.
If the duration of nasalization was similar across
different speech rates, then it could be classified as a
phonetic, mechanical effect. This is based off of the
assumption that the timing of velum lowering would
occur relatively to the nasal consonant, regardless of
speech rate. It was found that, in American English,
velum lowering occurred with respect to the onset of
the voicing of the vowel and not the onset of the
following nasal consonant. Solé [25] concluded that
the vowel is not nasalized as a result of anticipatory
coarticulation, but is specified with the feature
[+nasal], possibly motivated by the listener-oriented
goal of ensuring stable perceptual distance across
varying speech rates.
This line of reasoning may extend to vowel
insertion. If the inserted vowel is an articulatory byproduct of low degree of overlap between the
gestural phases of the surrounding consonants, its
duration should not vary with duration of the
surrounding segments, but remain uniformly short.
If the inserted vowel is epenthetic, however, we
might expect a similar pattern to that of the
American English pre-nasal vowel specified with the
feature [+nasal]. The proportion of nasality varied
with speech rate adjustments [25] and the duration
of the epenthetic vowel should correlate with the
duration of underlying segments within the word if it
is deliberately inserted to break up a dispreferred
consonant cluster or ensure that clusters with
minimal sonority dispersion are made more
perceptible.

2.2. Duration of epenthesized words

Since vowel epenthesis adds a vocalic segment to a
sequence, an assumption might be that the duration
of the word or syllable would be longer than that of
unepenthesized variants. Acoustic studies have
revealed that the duration of the coda cluster plus the
preceding vowel is the same for epenthesized and
unepenthesized variants [12], and that overall, word
lengths for epenthesized variants are similar to
unepenthesized variants [15], sometimes even
shortening [10]. In Irish English, items that contain
an epenthetic vowel undergo shortening of the
preceding stressed vowel and first consonant of the
coda cluster (‘C1’) [15]. Although Irish English does
not have contrastive consonant length, Hickey [15]
notes that it is possible to phonetically shorten a
sonorant. For example, an alveolar [ɹ] can be
shortened by becoming a derhoticized variant like a
tapped [ɾ], while [l] and [n] can be shortened by
producing a tap-like variety.

3. METHODOLOGY
3.1. Participants

27 participants (M=10, F=17, Mean age=57,
Range=21-93, SD=18.53) were recruited at The
University of Edinburgh to participate in the current
study. Participants were native Scottish English
speakers born in the Central Belt region of Scotland,
who had lived there for the past 10 years.
Participants had normal hearing, normal-to-corrected
vision, and were older than 18 years of age.

2.3. Speech rate extension

Speech rate has been used to distinguish whether a
process of pre-nasal vowel nasalization in American
English arises from physiological, mechanistic
constraints or from phonological conditioning [25].
This process of nasalization in American English
was
compared
with
coarticulatory
vowel
nasalization in Spanish. The prediction was that
phonetic phenomena should not adjust to speech rate
as “they do not participate in the higher level

3.2. Stimuli

Stimuli included single words without carrier
phrases to avoid coarticulation across connected
speech. Experimental stimuli were words which
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contained the /lm/, /rm/, /ln/, /rn/, and /rl/ consonant
clusters. Control items were words containing
attested coda clusters that have not been reported to
undergo vowel insertion in Scottish English, along
with words containing onset consonant clusters.
Each token was repeated twice in the experiment,
and all tokens were randomized within two blocks.
In the first block of the experiment, 25 fiveword sets (e.g., farm, farms, farmed, farmer,
farming) were constructed, with a filler-toexperimental ratio of 1:1. Experimental items
included: (i) monosyllabic, monomorphemic words,
(ii) monosyllabic, bimorphemic words with
consonant-initial suffixes (i.e., past tense [d] and
plural [s]), and (iii) bisyllabic, bimorphemic words
with vowel-initial suffixes (i.e., agentive [əɹ],
comparative [əɹ], and [ɪŋ]).
In the second block of the experiment,
participants read aloud from a list of 68 words with a
filler-to-experimental ratio of 2:1. Words were
Scottish place names, given names, and Scots slang.
Clusters were situated within: (i) word-final position
in monosyllabic (e.g., culm, ‘soot’) and bisyllabic
items (e.g., Dachalm, place name) as coda clusters,
and (ii) word-medial position in polysyllabic items
(e.g., Kilmer; contermashious, ‘contrary’) as
adjacent segments that do not form a coda cluster.

3.5. Acoustic measurements

Segment duration was marked for pronunciations
with and without vowel insertion and those with an
underlying vowel between the cluster (e.g., forum).
Measurements were made by segmenting the .wav
files for each speaker in Praat [4]. Files were
resampled to 8000 Hz, forced aligned with the Penn
ForcedAligner [32] using a custom pronunciation
dictionary, and hand-corrected. Maximum formant
values were set to 5000 Hz for males and 5500 Hz
for females. An annotation tier was created for
marking word boundaries and segment boundaries.
Another tier was created to mark the presence or
absence of vowel insertion in experimental items.
Inserted vowels were detected by visual inspection
of the spectrogram and waveform. The following
visual cues were used: U-shaped curvature in the
waveform, along with dark formants and vertical
striations in the spectrogram.
4. RESULTS
Data were analyzed for 12 speakers (M = 6, F = 6,
mean age = 58.91, Range = 21-93, SD = 17.99).
Nonparametric tests were conducted, as segment
duration has a non-normal distribution.
4.1. Rate and distribution of application

3.3. Recording apparatus

The rate of vowel insertion across suffixation type
had the following pattern (from most insertion to
least): monosyllabic, monomorphemic items (e.g.,
farm) > -s [s] > -ed [d] > -er [əɹ] > -ing [ɪŋ].
Monosyllabic words received the highest amount of
insertion, while words containing the consonantinitial suffixes -s [s], and -ed [d] received more
insertion than words containing the vowel-initial
suffixes -er [əɹ] and -ing [ɪŋ]. This pattern is
consistent across the /rm/, /rn/, /lm/, and /rl/ clusters,
while no insertion was recorded for the /ln/ cluster.
For example, the /lm/ cluster, which received the
least amount of insertion, had the same distributional
pattern as did the cluster with the most amount of
vowel insertion, /rl/.

The hardware used in this experiment included a
2008 Macbook Pro laptop and a Samson Go Mic
Portable USB Condenser Microphone using the
Cardoid 10db setting. Recordings were made using
Audacity v2.1.2 [29] at a sampling rate of 44100 Hz
via one recording channel.
3.4. Procedure

Participants were seated in a soundproof booth with
the experimenter in the adjacent room. Participants
were instructed to read aloud from a word list
presented on the computer monitor while being
recorded with a desktop microphone. Words were
presented visually one at a time via PsychoPy
v1.84.2 [19]. Each word was displayed at the center
of the screen for 1500 milliseconds (‘msec’) and
then replaced by a fixation cross for an interstimulus interval of 250 msec. Text was displayed in
a white font against a gray background. The two
blocks of the experiment were counterbalanced and
the presentation of stimuli was randomized across
participants. In between blocks, participants were
provided an automated break of 120 seconds and
encouraged to drink water and rest. Sessions lasted
about 50 minutes in total.

4.2. Durations

Mean duration of the vowel (msec) was compared
for CVCVC words that contained an underlying
vowel (e.g., forum) against those that had an inserted
vowel (e.g., forVm) between the consonant clusters
of interest. The average duration was 95.52 msec for
underlying vowels (N=771, SD=40.6, Range=20281, SE=1.46) and 54.33 msec for inserted vowels
(N=1462, SD=17.5, Range=17-160, SE=0.46). An
independent Mann Whitney test revealed a
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significant difference between them (W=959790,
p<.001).

fourth of the duration of the underlying vowel in a
similar environment [2].
That the duration of excrescent vowels is
short and often disappears at fast speech rates
follows from the assumption that excrescent vowels
result from the gestural phasing of two adjacent
segments. Since fast speech rates can increase the
degree to which the gestures for two adjacent
segments overlap [9], and excrescent vowels surface
as a result of low gestural overlap between adjacent
segments, the observation that excrescent vowels
disappear at fast speech rates is expected (although
some exceptions exist: in Scots Gaelic, [6];
Moroccan Colloquial Arabic, [11]; and Dutch, [30]).
By contrast, epenthetic vowels should not disappear
at fast speech rates as their function is to repair illict
phonological sequences, regardless of the timing of
gestural phasing. The current experiment utilized
Solé’s work on the duration of the nasalized and oral
portions of the vowel in [26] as a proxy for
determining whether vowel insertion in Scottish
English is a deliberate phonological process. The
duration of the inserted vowel was approaching a
significantly positive correlation (ρ=.0474, p=.0707)
with the duration of the preceding V1. Although this
correlation was non-significant, epenthesized
variants patterned like unepenthesized variants, such
that the duration of V1 and V2 in words containing
an underlying V2 also only approached significance
with a weak positive correlation (ρ=.1914, p=.0757).
Additional support for the treatment of the
inserted vowel in Scottish English as epenthetic
comes from durational observations recorded for
Irish. Hickey [16] notes that words containing an
epenthetic V2 have a shorter V1 duration than words
containing an underlying V2, and that epenthetic
V2s have similar intensity to that of the preceding
V1, both of which were noted for the current dataset:
(Mann-Whitney: W=4543000, p=4.796e-09) and
(paired
Wilcoxon:
V=1019900,
p<2.2e-16),
respectively.
The current study used the distribution of
insertion across varying morphophonological
environments, duration of the inserted vowel, and
the relationship between segment durations to
determine whether the vowel should be considered
phonetic excrescence or phonological epenthesis.
We found that vowel insertion in Scottish English
more closely aligns with deliberate, phonological
epenthesis. Better understanding how acoustic
information can resolve boundary disputes like the
classification of a process as phonetic or
phonological ultimately has potential to contribute to
the phonetics-phonology interface.

4.3. Durational relations

Durations (msec) were collected for the first vowel
(‘V1’) and second vowel (‘V2’) of each word.
Separate Spearman’s correlations were computed for
the durations of V1 and V2 and for the durations of
C1 and V2, both in words with an inserted V2 and
an underlying V2. In words with insertion, V1 and
V2 had a near-significant positive correlation
(ρ=.0474, p=.0707) and C1 and V2 had a
significantly positive correlation (ρ=.12, p<.0001).
In words with underlying V2s, V1 and V2 had a
near-significant positive correlation (ρ=.1914,
p=.0757) and C1 and V2 had a significantly positive
correlation (ρ=.18, p<.0001).
5. DISCUSSION AND CONCLUSION
Taken together, the acoustic data suggest that vowel
insertion in Scottish English is more closely aligned
with phonological epenthesis than phonetic
excrescence.
Consistent with our expectations, epenthesis
occurred most in monosyllabic, monomorphemic
items (e.g., film), and more in words with consonantinitial suffixation than in words with vowel-initial
suffixation. This demonstrates that insertion occurs
most when the clusters are, in fact, coda clusters: in
(i) monomorphemic, monosyllabic items (e.g., farm,
skoolm), (ii) in monomorphemic, bisyllabic items
where the cluster is word-final (e.g., Dachalm), and
(iii) in monosyllabic, bimorphemic items (e.g.,
farms). In a small number of items, insertion
occurred across syllable boundaries in word-medial
polysyllabic slang words (e.g., contermashious) and
in vowel-initial suffixed words (e.g., farmer,
filming). This pattern has also been found in Irish
English [24]. For speakers who epenthesized farmer
and farming, an implicational hierarchy emerged in
which they also epenthesized farm, farms, and
farmed.
The average duration of the inserted V2 was
54.33 msec, whereas the average duration of the
underlying V2 in a similar environment was 95.52
msec. Although the duration of the inserted V2 was
significantly different from underlying V2s in
similar positions, it was crucially half the length of
the average underlying vowel duration. Much of the
excrescent vowel literature finds that excrescence is
much shorter than that. For example, Quilis [20]
found that, excrescent duration in Spanish /Cɾ/
clusters, although more variable than is typical for
excrescence (range 8-56 msec), has an average of 29
msec. Svarabhakti vowels may be as short as a
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ABSTRACT

have specifically tested this, examining vowel
reduction in Russian. Russian exhibits two reduction
patterns whose phonological status is uncertain. First,
mid vowels reduce to their high counterparts in
unstressed syllables. However, a second process is
present that reduces remaining non-high vowels to
[ə]. The first pattern, referred to as “Degree 1
reduction,” is described as “moderate” reduction,
while the second one, “Degree 2,” is more “severe”
(see also [2, 8]). Using hyperarticulated speech,
Barnes [3] found that Degree 2 reduction was highly
dependent on duration (longer duration results in less
reduction), while Degree 1 reduction was not. This
suggests that Degree 1 reduction in Russian requires
reference to a phonological process, while no such
process need be posited for Degree 2 reduction, as it
can be accounted for by phonetic undershoot.
The general aim of the present study was to
investigate the phonetic versus phonological status of
vowel reduction in Brazilian Portuguese (henceforth,
BP), which is reported to exhibit two different
patterns of reduction in unstressed syllables [10, 14,
17, 21, 22, 23]. In stressed syllables, BP has a sevenvowel inventory, /i, e, ɛ, a, ɔ, o, u/. In pretonic
syllables, /ɛ, ɔ/ are neutralized to /e, o/, respectively.
For example, the underlying /ɛ/ in the word beʹleza
‘beauty’ becomes [e] in this context. In posttonic
syllables, the vowels undergo a further reduction, in
which /e, i/ neutralize to [i], /o, u/ to [u], and /a/
becomes [ɐ]. For example, the underlying /a/ in the
word ʹseca ‘sack’ is realized as [ɐ]. The first pattern
is referred to as “Degree 1 reduction,” and the second
one as “Degree 2 reduction” [2, 3].
Regarding the influence of duration on vowel
reduction in BP, Major [17] impressionistically
observed that phrase-final lengthening can influence
the presence of Degree 2 reduction in BP.
Furthermore, even pretonic vowels can show raising
to a certain degree in casual and/or fast speech. On
the other hand, experimental data from Kenstowicz
and Sandalo [14] suggest that syllable position does a
better job of differentiating height contrasts than
normalized durations does, while the interactions
between duration and position were also significant.
However, Kenstowicz and Sandalo [14] lacked
sufficient durational variation to examine the
influence of duration on Degree 2 reduction. The goal
here was therefore to investigate the influence of
duration, manipulated via speech rate, on degree 2

The current study examined the phonetic and
phonological status of vowel reduction in Brazilian
Portuguese. Specifically, we tested the influence of
duration on the realization of /a/ in five prosodic
positions: word-initial pretonic, medial pretonic,
tonic, medial posttonic, and final posttonic. The
results revealed that, while both speech rate and
prosodic position had a clear effect on the phonetic
duration of /a/, F1 values were far better predicted by
the vowel’s prosodic position (non-posttonic vs.
posttonic). Correlations between duration and F1
were statistically significant but generally weak in all
positions. We argue that these findings suggest that
vowel reduction in Brazilian Portuguese primarily
reflects phonological patterning rather than phonetic
undershoot, although phonetic reduction is also
apparent. That is, Brazilian Portuguese has a mixed
system of phonological and phonetic reduction. We
discuss the results in the context of cross-linguistic
studies of vowel reduction, and the relation between
phonetics and phonology.
Keywords: Phonological vowel reduction, phonetic
undershoot, speech rates, Brazilian Portuguese
1. INTRODUCTION
Phonological vowel reduction occurs when phonemic
contrasts are categorically neutralized in certain
phonological contexts or prosodic positions (e.g.,
unstressed syllables), while phonetic reduction occurs
when cues to a contrast are gradiently weakened as
the result of undershoot [2, 3, 7, 8, 11, 15, 16, 19, 20].
However, phonological vowel reduction and phonetic
reduction are similar in that they are generally
accompanied by qualitative change in vowel and
reduced duration. Crosswhite [8] argued that they are
similar in terms of the end results, but the causal
relation is reversed. In the target undershoot, reduced
duration causes vowel undershoot, while raising of
vowel height driven by phonological reduction results
in reduced duration. Consequently, the decreased
articulation time is expected to trigger phonetic
undershoot, but never lead to phonological reduction.
A fundamental question in any study of vowel
reduction is whether it is phonetic or phonological in
nature. Barnes [3] is one of only a few studies that
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reduction in BP, focusing on the reduction of /a/ to
[ɐ].
Three different predictions can be made regarding
the phonetic versus phonological status of Degree 2
reduction in BP. If it is a phonological process,
duration should not significantly affect /a/’s quality;
rather, stress-dependent position predicts the
realization of the low vowel /a/. However, if it is a
phonetic process, the reduction of low vowel /a/ to [ɐ]
should be highly dependent on changes in duration,
as shown in Figure 1A and 1B, respectively.
Furthermore, if BP is a mixed system, changes in
duration affect F1, but do not alter the overall pattern
of reduction, as shown in Figure 1C.

produced in a carrier sentence (Repita ___ de novo
‘repeat ___ again’). To elicit three different speech
rates, a priming methodology was used. The priming
stimuli consisted of the same carrier phrase
containing (instead of a target word) the nonce word
“shushushu” with slow and fast primes created via
synthesis from a normal-rate speech sample. Speakers
were to imitate the prime, inserting a target word
(with either ultimate or antepenultimate stress) in
place of the nonce word.
The main experiment consisted of three sessions:
1) slow, 2) normal, and 3) fast elicitations. Each
session consists of two sets: Set A (ultimate stress)
and Set B (antepenult stress), corresponding to the
lists. For each session, participants were asked to
listen to each priming stimulus first and then produce
each sentence three times, trying to produce the
sentence with the same tempo with the priming
stimulus. The speech materials were recorded using a
microphone (Shure SM48) in a soundproof booth.
The recorded speech was saved as .wav files with a
sampling rate of 44.1 kHz.

Figure 1: Predictions depending on the phonetic
versus phonological status of Degree 2 reduction in
BP: A) Phonological reduction; B) Phonetic
reduction; C) Mixed system

2.3. Data analysis

Of the 5,742 vowels collected, 280 vowels (5.3%)
were discarded due to vowel deletion, disfluency,
devoicing or severe creak. Vowel onset and offset
were manually marked in Praat based on the onset and
offset of a second formant. We obtained the formant
information (at the midpoint) and the duration of each
vowel using a Praat script [9]. The raw formant values
(Hz) were normalized using a mel scale and
transformed to z-scores for each speaker. The raw
duration values (in ms) were also transformed to zscores.
To examine unstressed vowel reduction at three
different speech rates in BP, we examined (a) the
duration of the vowel in each position, (b) the first
formant of the vowels in each position, and (c) the
correlation between duration and F1 frequency for
vowels in each position.

2. METHODS
2.1. Participants

11 speakers of Brazilian Portuguese participated in
the experiment (10 female, 1 male; Mean Age: 29.5).

2.4. Statistical models

2.2. Speech materials and procedure

A statistical analysis was carried out using the mixedeffects regression with the lme4 package in R [4].
Separate models were run with normalized F1 as an
outcome variable and prosodic position (5 levels:
word-initial pretonic, medial pretonic, tonic, medial
posttonic, and final posttonic) and duration as fixed
factors. Speakers and the item were added in the
models as random factors, and models were
constructed in an incremental fashion by adding fixed
factors that tested for main effects and interactions. A
similar approach was used for testing the effects of
prosodic position and speech rate on duration, and for

Two sets of data were collected to examine the vowel
/a/ in five prosodic positions: word-initial pretonic,
medial pretonic, tonic, medial posttonic, and final
posttonic. One set, List A, consisted of 17 trisyllabic
words with final stress (σσσ́; e.g. galopar ‘gallop’) in
which 14 initial pretonic, 6 medial pretonic and 17
tonic /a/ tokens were collected. Another, List B,
consisted
of
19
trisyllabic words
with
antepenultimate stress (σ́σσ; e.g. pétala ‘petal’), in
which 7 medial posttonic and 14 final posttonic /a/
tokens were collected. The target words were
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Also apparent in Figure 3 are two categories in
terms of F1: posttonic (including final and medial
posttonic) vs. non-posttonic (including initial and
medial pretonic, and tonic). This indicates that
duration alone is not able to account for reduction of
these vowels at normal speech rate, consistent with
the results from Kenstowicz and Sandalo [14].

testing the effects of prosodic position and speech rate
on F1. Corrections for multiple comparisons were
carried out using the multcomp package in R [6, 13].
3. RESULTS
3.1. Normal speech rate

The boxplots in Figure 2 illustrates the distributions
of duration and F1 (again, z-transformed) for /a/ in the
five prosodic positions at normal speech rate.
Statistical analyses returned a significant effect of
prosodic position [χ2(4) = 147.76, p<.001] and
duration [χ2(1) = 70.802, p<.001] on F1, and a
significant interaction between these two factors
[χ2(4) = 61.752, p<.001]. In addition, there was a
significant effect of prosodic position on duration
[χ2(4) = 1647.7, p<.001]. Post-hoc testing showed that
posttonic vowels were significantly different from
non-posttonic vowels in terms of F1 (p<0.001 for all
pairs), while the durations of medial pretonic and
posttonic vowels, as well as initial pretonic and final
posttonic are not significantly different from each
other (p>0.1 for both pairs). That is, when the
durations of pretonic and posttonic vowels are
comparable, prosodic position was the primary
determinant of F1.

3.2. All speech rates

The pattern just described for the normal speech rate
also held for slow and fast speech rates, as shown in
Figure 3. To explore the effect of duration on vowel
reduction in BP, we examined the relation between
duration and F1, collapsing for speech rate.
Much as for normal speech rate, analyses that
collapsed for speech rate showed a significant effect
of prosodic position [χ2(4) = 165, p<.001] and
duration [χ2(1) = 1032.5, p<.001] on F1, and a
significant interaction between these two factors
[χ2(4) = 260.27, p<.001]. In addition, there was a
significant effect of prosodic position on duration
[χ2(4) = 1957.5, p<.001]. Post-hoc testing also
revealed that the duration of pretonic and posttonic
vowels are comparable (p>0.1 for all pairs), while
posttonic vowels are significantly different from nonposttonic vowels in terms of F1 (p>0.1 for all pairs).
In addition, as shown in Figure 4, the density plot of
F1 indicated that there were two categories: posttonic
vs. non-posttonic. That is, even when duration is quite
long, posttonic positions rarely reach the F1 value
which pretonic and tonic vowels do. This finding
suggests that BP speakers have different F1 targets
for posttonic vowel; Degree 2 reduction thus only
targets posttonic syllables.

Figure 2: Duration (A) and F1 (B) of the vowel /a/
in the five prosodic positions at normal speech rate1.

Figure 3: Duration (A) and F1 (B) for /a/ by
prosodic position for three different speech rates.

Figure 3: Scatterplots & density plot of duration
and F1 at normal speech rate.

Finally, there was a significant effect of speech
rate on both duration [χ2(2) = 2859.3, p<.001] and F1
[χ2(2) = 996.74, p<.001]. Separate analyses revealed
that duration was significantly longer, and F1 values
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were significantly higher, as speech rates decrease
(p<0.001 for all pairs; except fast-normal pair in the
medial pretonic, p<0.01).2 Furthermore, weak but
significant positive correlations between F1 and
duration were observed at all prosodic positions, as
shown in Figure 4. This finding, like those above,
suggests that changes in duration, while they affect
F1, do not alter the overall pattern of reduction.

reduction. However, one speaker (out of eleven) who
participated in our study also exhibit the phonetic
reduction pattern. Unlike the majority, BP5 does not
show any categorical behaviour in any prosodic
position. Instead, BP5 exhibits a severe overlap
across the five prosodic positions in terms of F1. Such
speaker variation suggests that Degree 2 reduction
may reflect the phonologization of an earlier phonetic
process; whereas most speakers have already
phonologized the Degree 2 reduction, some speakers
have only a phonetic process (See [2, 3, 5] for a
further discussion).
The present study confirmed the findings from
Kenstowicz and Sandalo [14], in that the Degree 2
reduction is primarily determined by metrical
structure. However, we further demonstrated the
extent to which F1 differences for the low vowel are
also a function of duration. Based on their results,
Kenstowicz and Sandalo [14] proposed that Degree 2
reduction reflects metrical structure in BP, targeting
posttonic syllables due to their flat prosodic structure.
In particular, they argued that the parameter setting in
the metrical structure is binary left-headed for line 0
and right-headed constituents for line 1, and the final
syllable is extrametricality, as shown in Figure 5.
If Degree 2 reduction targets syllables with no
stress as proposed in [14], how do we explain the lack
of Degree 2 reduction in trisyllabic words with
ultimate stress? If the initial pretonic has a secondary
stress and the medial pretonic has no stress as
proposed by [1, 18]3, the medial pretonic (penult
syllable in 5c) would undergo Degree 2 reduction,
which is not consistent with our findings. Positing the
presence of secondary stress for both initial and
medial pretonic vowels would descriptively solve the
problem, but would be highly inconsistent with
previous work on BP metrical phonology [1, 18], and
metrical theory more generally [12]. Alternatively,
we argued that the medial pretonic syllables bear a
ternary stress, and Degree 2 reduction targets
syllables with no stress. That is, the medial pretonic
syllable in 5C is no longer a target of degree 2
reduction since it bears a ternary stress. However, to
support our claim, a future study would be necessary
to investigate whether the medial pretonic in BP has
acoustic correlates of the ternary stress.

Figure 4: Scatterplots & density plot of duration
and F1 at all speech rates.

4. DISCUSSION
The present study investigated the phonetic versus
phonological status of vowel reduction in BP by
examining the influence of duration on reduction
patterns in the language. The results revealed that
although longer vowel duration was associated with
higher F1 in a statistically significant way, F1 was
overall much better predicted by prosodic position
than by duration. We argue that these findings suggest
that Degree 2 reduction in BP primarily reflects
phonological patterning, although phonetic reduction
is also apparent. A positive correlation between F1
and duration can be understood as reflecting phonetic
undershoot, but the observation that duration does not
affect the overall patterns of raising for /a/ serves as
good evidence for a systematic and categorical
relation between vowel reduction and prosodic
position, supporting its phonological status. This
suggests that Brazilian Portuguese has a mixed
system where phonological reduction can coexist
with a local and/or mild phonetic reduction, predicted
by Figure 1C.
The overall pattern found in the current study is
different from Barnes [2, 3] for Russian, which also
exhibits two patterns of reduction. In particular,
Barnes [2, 3] argued that Degree 2 reduction in
Russian is a phonetic process, while we argued that
the one in Brazilian Portuguese can be understood to
be a mixed system of phonological and phonetic

Figure 5: Metrical structures in BP: A. Antepenult, B.
Penult, and C. Ultimate stresses. (A & B are adapted
from [14]; C from [18])
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there is no existing study of the beatboxing vocal
technique using multidimensional synchronous
data. This multiparametric study was found useful
to understand the physiology of the beatboxed
classic kick drum, in particular the coordination of
supralaryngeal and laryngeal gestures. The
beatboxed classic kick drum is described [1, 3, 8,
10, 11] as a voiceless glottalic egressive bilabial
produced as a plosive [p’] or an affricate [p’ɸ].

ABSTRACT
This paper presents a pilot study of physiological,
acoustic and aerodynamic characteristics of the
beatboxed classic kick drum by a single artist
excerpted from our database of his beatboxing
repertoire. We recorded 25 repetitions with
synchronized aerodynamic (intraoral pressure, oral
airflow) acoustic, electroglottographic and
laryngoscopic data. Results show that the classic
kick drum is produced either as a bilabial voiceless
glottalic egressive plosive or as a bilabial voiceless
glottalic egressive affricate. Laryngoscopic data
show a glottal adduction, a slight supraglottal
constriction and a laryngeal raising. We also
observed an occlusion, a high amplitude burst and
low frequencies in the spectrum. We discuss the
coordination of the gestures involved in the classic
kick production based on the multi-instrumental
recording. Future analysis of the beatboxed
database will help us understand beatboxing
physiology and the extent of the vocal tract
capacities.

2. METHODS
The subject was a 35 y.o. male who volunteered for
the experiments after signing an informed consent
in accordance with the ethical committee of our
hospital (N° 1922081). The subject was asked to
perform his repertoire of beatboxed sounds. First he
gave a description of the sounds, then produced
them in isolation and finally, he combined the
sounds in a beatboxed sequence of various sounds
from his repertoire. For analytical purposes and to
understand
how
the
synchronisation
of
simultaneous
parameters
(articulation,
aerodynamics, acoustics) is involved, we chose to
focus only on the classic kick drum production.

Keywords:
Human
Beatbox,
phonetics,
aerodynamics, laryngoscopy, acoustics.

2.1. Aerodynamic and electroglottographic data

1. INTRODUCTION

Aerodynamic data was collected with the EVA2
workstation (SQLab-LPL, Aix en Provence, France)
which allows synchronized aerodynamic, acoustic
and electroglottographic (EGG) data collection.
Intraoral pressure (Po), expressed in hectopascal (1
hPa = 1,02 cm H2O), was obtained inserting a small
tube into the mouth; we took care to place the tube
at the corner of the lip so it would not interfere with
Oral airflow. Oral Airflow (Oaf), expressed in cubic
decimeter per second (dm3/s), was collected using a
flexible silicone mask pressed on the subject’s
mouth.
The EGG signal (Glottal Enterprise) was
obtained by placing two electrodes on both sides of
the thyroid cartilage. The EVA2 station is equipped
with a microphone allowing to retrieve the acoustic
signal. We analyzed manually the data with
PHONEDIT Signaix [9] to get (1) the duration
based on the audio waveform, (2) the peak of Po for

The Human Beatbox (HBB) make use of the vocal
tract in order to imitate musical sonorities. Few
studies mention physiological aspects of this
peculiar technique. MRI studies of beatboxing [1, 8,
10] give a description of basic and complex
articulations of HBB production. Laryngoscopic
studies of laryngeal behaviour during beatboxing [3,
11] show that beatboxers manage to recruit
laryngopharyngeal articulators (i.e. pharynx
constrictor, glottis, ventricular folds, aryepiglottic
folds) separately and optimally. Understanding this
technique would provide valuable knowledge about
the extent of the vocal tract capacities’ and its limits
aside from its use for linguistic purpose.
This paper aims to describe physiological
aspects of the beatboxed classic kick drum by a
French beatboxer using multi-instrumental
simultaneous recordings with aerodynamic,
acoustic and laryngoscopic data. To our knowledge

142

each token, (3) the peak of Oaf and the air volume
in cm3 for each token. We analyzed the global shape
of the EGG signal to confirm that the beatboxed
classic kick drum uses a glottalic egressive
airstream.

3.1 Aerodynamic and EGG data

We analyzed 24 productions of beatboxed classic
kick drum, 18 were unaffricated; 6 were affricated.
Figure 1: Acoustic waveform, EGG signal, Po
(hPa) and Oaf (dm3/s) of an affricated classic kick
[p’ɸ]. The red dotted line indicates the acoustic
release.

2.2. Acoustic data

We used Praat [2] to run an acoustic analysis based
on the audio signal together with the EGG signal
that were both recorded during the aerodynamic
experiment. First we segmented the audio on a
textGrid and for each token we labelled the acoustic
phase of the classic kick drum: the occlusion, the
burst (i.e. impulsional noise produced when the lips
come apart), the release noise (i.e. noise generated
by the air passing through the lips after the lip
aperture) and the frication noise (i.e. the noise
generated during a fricative consonant, only for
[p'ɸ]). Finally, for each phase we were able to
extract the duration in milliseconds (ms), the
intensity in decibels (dB) and the FFT spectrum
(25ms window) in order to get the centre of gravity
(CoG in Hz), the skewness (i.e. spectral asymmetry
distribution) and kurtosis (i.e. peakedness of the
distribution). Since a silicone mask was used during
the experiment, we were able to keep the same
distance between the participant mouth and the
microphone, thus allowing us to analyze the
intensity values.

On Fig. 1, Po increases up to 20 hPa indicating
that an occlusion occurs. The EGG signal shows
that the glottis is closed until the end of [p’]. Shortly
after the occlusion occurs, we note that Oaf is
positive, there is an egressive airstream. Taken
together, the data prove that the beatboxer is using a
glottalic egressive airstream to produce the classic
kick drum effect. As shown in Fig.1, the affricated
classic kick drum adds a pulmonic fricative [ɸ].
After the release of this type of kick drum, Po starts
dropping but as soon as the glottis opens on the
EGG signal the Po drops more slowly and Oaf
exhibits another peak. This second peak of Oaf
indicates a second constriction is created in the
vocal tract. It results in an increased velocity of the
volume passing through the constriction point,
made by the lips. The coordination of the occlusion
and release of the beatboxed classic kick drum is
very peculiar. Indeed, while Po still builds up, Oaf
shows that air is coming out of the mouth. There
seem to be a leakage during the lip occlusion. We
hypothesize that while maintaining the occlusion,
the beatboxer’s lips become slightly opened by a
little slit, thus allowing the pressure to keep raising
and the air to come out. This type of coordination
(i.e. closure and leakage) is normally not found in
normal and casual speech. This appears to be a
specificity of beatboxing or at least a specificity of
the beatboxer’s production since all tokens showed
this type of coordination.
Table 1 shows the mean and standard deviation
of the duration (ms), based on the acoustic

2.3. Laryngoscopic data

The laryngeal examination was performed by the
second author using a nasal flexible fiberscope
(Kay-Pentax®FNL10RP3) with a DigitalStrobe®,
RLS91000 (Kay Elemetrics, Lincoln Park, NJ,
USA) station. The video rate was 25 frames per
second (fps). Laryngoscopy is an invasive
procedure that allows visualizing laryngeal
structures without interfering with phonation or
articulation. The subject did not ask for any
anesthetic. We used VirtualDub software to
visualize the video (13,72s duration) and to extract
each image: 13,72s x 25 fps (frames per second) =
343 images. We focused on describing glottal
adduction and supraglottal contraction.
3. RESULTS
We found two types of classic kick drum, one is a
bilabial voiceless glottalic egressive [p’]; the second
was produced as a bilabial voiceless affricate [p'ɸ].
The second sound appears only in a beatboxed
sequence of kick-drums, hi-hats (i.e. [t͡s']) and snare
drum (i.e. [k’]); for now, we do not know if it is a
stylistic variant or an effect of respiratory control.
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waveform, Po (hPa), Oaf (dm3/s) and the air volume
for [p'] and [p'ɸ]. Although the Po saturated at 20
hPa, it is consistent with an ejective production [4].
Concerning Oral Airflow, the values are stable and
similar for both [p’] and [ɸ]. The volume of air for
the fricative is higher and more variable than for the
ejective. The use of different airstream mechanisms,
one glottalic egressive and the other pulmonic,
explains the discrepancy between volume values.
Indeed, the pulmonic fricative uses a larger air
volume in the lungs whereas the ejective uses only
the volume contained between the glottis and the
lips. We hypothesize that this alternation between
pulmonic and glottalic airstreams may help to keep
a fluid rhythm while beatboxing.

closure. The mean duration and standard deviation
of the closure is 7(1) ms which indicates a quick
occlusion and little variation. The mean duration
and standard deviation of the burst is 14(15)ms
which indicates there is variation across the duration
of the release. Finally, the duration of the frication
of [p'ɸ] is longer, the mean and standard deviation
are 137(49)ms. This difference of duration may be
explained by the fact that to sustain a continuous
frication, articulatory adjustments are necessary.
Indeed, as pointed out by Signorello et al. [12], the
size of the constriction is to be controlled and both
intraoral differential pressure (i.e. ΔPintraoral = Pintraoral
- Patmospheric) and subglottic differential pressure
(ΔPsubglottic = Psubglottic – Pintraoral) must reach a specific
threshold to produce and sustain audible frication.
Regarding intensity values, the burst shows the
highest values with little variation across tokens. It
can be explained by the fact that the classic kick
drum uses a glottalic egressive airstream in order to
increase Po resulting in a strong intensity burst. The
noise release intensity is lower and indicates that
intensity is dropping after the lips come apart.
Finally, the frication noise is the less intense but the
more variable. Signorello et al. [12] reported values
between 52 dB and 64 dB for [f]; they used the same
experimental methods. We hypothesize that the
frication noise is in fact a bilabial fricative rather
than a labiodental one. Indeed, the turbulence may
be created by soft tissues (i.e. lips) and not by hard
tissues (i.e. teeth).
Mean (standard deviation) in the spectral
analysis revealed low frequencies and a peaked
spectrum. The CoG is 209(35) Hz and 142(72) Hz
at the offset. The burst and noise of release show
similar values concerning the CoG and the
skewness. The classic kick seems to be
characterized by low frequency components.
Concerning the kurtosis values we values are
different, the burst is a bit flatter than the noise.
Conversely, the frication noise shows a different
pattern. The fricative component has a higher CoG,
a lower skewness and a very low kurtosis when
compared to the burst and the noise. It indicates a
flat low frequency spectrum.

Table 1: Mean (standard deviation) duration (ms),
Po (hPa), Oaf (dm3/s) and air volume (cm3) for [p']
and [p' ɸ].

unaffricated
affricated
[p’]
[p’]
[ɸ]
Duration
(ms)
Po (hPa)
Oaf
(dm3/s)
Volume
(cm3)

65(9)

50(7)

133(40)

19,7(0,7)

19,7(0,4) 4,1(1,4)

1,1(0,1)

1,2(0,1)

1(0,1)

48(11)

43(6)

102(38)

3.2 Acoustic data

We extracted the audio data collected during the
aerodynamic experiments and analyzed (1) the
duration of the occlusion, burst and frication, (2) the
intensity, (3) the resonance frequency.
Table 2: Mean (standard deviation) of duration
(ms), intensity (dB), centre of gravity (Hz),
Skewness and Kurtosis.

Duration
Intensity
CoG
Skewnes
s
Kurtosis

Closure
(n=18)

Burst
(n=25)

Noise
(n=25)

Frication
(n=8)

6(1)

14(15)

41(12)

137(49)

68(4)

60(5)

49(6)

243(44)

176(91)

531(268)

9(1,8)

11(4,6)

4,5(2)

133(41)

239(121)

39(32)

3.3 Laryngoscopic data

The laryngoscopic experiment took place during a
second session on the same day. We analyzed 25
repetitions (22 unaffricated and 3 affricated) of the
beatboxed classic kick drum in order to describe the
laryngeal behavior. Fig. 2 presents an unaffricated
classic kick drum together with the acoustic signal
extracted from the video. During the initial position
(Fig. 2 frame 1) the vocal folds are abducted and the
arytenoid cartilages are apart. The pharyngeal

Concerning the duration of the occlusion (Table
2), due to the particular coordination of
occlusion/release, not all of the classic kick drum
showed an occlusion preceding the release. Indeed,
only 18 productions (16 unaffricated and 2
affricated classic kick drums) showed evidence of
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Figure 2: Acoustic waveform and its synchronized laryngoscopic images of an unaffricated classic kick-drum.
Frame 1 to 3 show glottal adduction involving vocal folds and ventricular folds, frame 4 to 6 show supraglottal
compression involving arytenoid cartilages and the aryepiglottic folds, frame 7 to 9 indicate glottal abduction
involving vocal folds and ventricular folds (Frame 1: Vf = Vocal folds, VeF = Ventricular Folds, Ary = Arytenoids,
Ary_F = aeryepiglottic folds, Epi = Epiglottis).

1

Posterior Pharyngeal Wall

Ary

2

3

4
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6
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8

9

Vf
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Ary_F
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cavity is ‘open’, indeed the hypopharynx shows no
sign of contraction. Then, a full vocal fold adduction
and an incomplete adduction of the ventricular folds
is achieved (Fig. 2 frame 1 to 3). We noted an
incomplete anteroposterior closure (i.e. arytenoids
are getting closer to the epiglottis) of the arytenoid
cartilages and the aryepiglottic folds (Fig. 2 frame 4
to 6). This diminishes both the vocal folds’ and the
epilaryngeal tube’s length. Light contrast (i.e.
increased luminosity) on frame 7, 8, 9 may suggest
that the larynx has raised. The acoustic burst occurs
at the end of frame 6 and the acoustic release
corresponds to frame 7 where the glottis opens.
During the unaffricated classic kick drum (figure 2)
the vocal folds remain adducted while the larynx is
raising, whereas during the affricated classic kick
drum (not shown) the larynx raising starts with an
adducted glottis that opens before the larynx reaches
its highest position. This difference may be a sign of
coordination between a glottalic egressive airstream
and a pulmonic egressive airstream. The raising
ends with a wide opened glottis compared to the
neutral position. This wide aperture results in a
larger volume of air coming from the lung to
produce the turbulent airflow of the bilabial
fricative component.

monly used to achieve glottal stops [5, 6]. Beatboxing studies [1, 3, 8, 10, 11] concluded that the classic
kick drum is produced with a glottalic egressive airstream, our data suggest the same conclusion.
Aerodynamic data brought light on the coordination of gestures used to achieve the classic kick
drum. Normally the production of a plosive is defined by a closure in the vocal tract increasing the
pressure behind the constriction point and a decrease in Po after the constrictions’ release. In our
case the bilabial closure is simultaneous with a leakage suggesting an atypical coordination of common
gestures (i.e. closure and aperture the Vocal Tract).
The discussion about the coordination of the
gestures implicated in the classic kick production
brings us to the heart of the problem: what are the
primitives of the system? Is Beatboxing relying on
gestures or features? On which mental
representations does the Beatboxer rely on? All
those issues will be resolved by future studies on
this technique with multi-instrumental experiments.
Indeed, our multiparametric study was useful
because we could not only come to the same general
conclusion as in [1, 3, 8, 10, 11] about the classic
kick drum (i.e. glottalic egressive airstream) but
also provide finer phonetic details such as the
gestures involved and their coordination. In future
studies we will use the same methods in order to
gather more data from more subjects and assess the
reproducibility of the present results. We hope to be
able to answer the previous questions about the
primitives of beatboxing.

4. DISCUSSION
With a multiparametric methodology we were able
to describe the physiology the beatboxed classic
kick drum produced by a single beatboxer. Our findings concur with other studies about beatboxing.
Concerning the laryngeal behavior, [3, 11] also
found a glottal adduction and the absence of major
supraglottal compression. We found a retraction of
the epiglottis, possibly due to a tongue posteriorization. This might be a specific gesture of this present
study’s subject. This laryngeal behavior is not specific to beatboxing since the same gesture is com-

5. CONCLUSION
This pilot study based on aerodynamics, EGG,
acoustics and laryngoscopy showed the valuable
information extracted from the data to discuss fine
phonetic details in beatboxed sounds and to
understand the gestures and their coordination.
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between higher amplitudes being semi-periodic [8,
12, 13]. ‘Non-constricted creak’ has also been
observed, in which F0 is low and irregular, but these
properties are accompanied by glottal spreading and
higher airflow, not constriction [4].
Keating et al. [8] summarize the acoustic
properties that are expected for each type based on
the literature and their own measurements. Two of
their predictions are examined in the stimuli used for
the current study: prototypical and multiply pulsed
creaky voice. Table 1 is based on their expectations
for the acoustic properties that will be present and/or
distinguish between these two types of creak. The
measures they consider include F0, harmonics-tonoise ratio (HNR, higher values indicate greater
noise and lower periodicity in the signal), H1-H2
(the difference in the amplitude of the first and
second harmonics: a measure of glottal constriction,
with lower numbers indicating greater constriction),
and subharmonic-to-harmonic ratio [14] (SHR
values should be higher for multiply pulsed creak,
which should have more subharmonics).

ABSTRACT
This study examines the acoustic properties of two
types of creaky voice in English, and investigates
whether listeners identify them equally as
implementations of creaky voice. The two types are
prototypical creaky voice (low, semi-regular F0 and
damping between glottal pulses), and multiplypulsed creaky voice (glottal openings that alternate
in higher and lower amplitude). Analyses of F0,
HNR, H1-H2 and subharmonic-to-harmonic ratio
(SNR) indicate that modal voice differs from both
prototypical and multiply pulsed creaky voice for all
cues except SNR. However, none of these cues
consistently distinguish the two types of creak. The
perceptual study shows that listeners identify creak
equally often for both types relative to modal voice.
Listeners may be primarily sensitive to the cues that
consistently encompass both creaky types, leading
them to be treated as a perceptually coherent group.
Keywords: phonation, creaky voice, voice quality,
speech perception

Table 1: Acoustic properties expected to
characterize types of creak. No checkmark means
this property is variable or unknown.

1. INTRODUCTION
Within the linguistic phonetic literature on voice
quality, a number of studies have observed that the
quality often referred to as “creaky voice”, “creak”
or “laryngealization” is actually a collection of
phonation properties that seem to pattern together.
One way these different types of creaky voice are
observed to act is as a prosodic element (e.g.
marking phrase endings), in languages like English,
German, Finnish, Swedish or Chinese [1-7].
Although different authors do not always use
the same labels for types of creaky voice, there is
general agreement about what the types are. Nearly
all of these studies include the most canonical form
of creaky voice (called ‘prototypical creaky voice’
by [8]), with a low F0, strong damping between
glottal pulses, and semi-regular periods [9, 10].
Another type is ‘aperiodic’, characterized by glottal
pulses that vary considerably in both frequency and
duration such that almost no periodicity is evident
[8, 11]. A third type is ‘multiply-pulsed’ creak,
sometimes
called
diplophonia,
which
is
characterized by glottal openings that alternate in
higher and lower amplitude, with the entire duration

Acoustic
correlate
prototypical
multiply pulsed

low
F0
✓

irreg F0,
high HNR
✓
✓

low
H1-H2
✓
✓

high
SHR
✓

While studies have reported that several types of
phonation fall under the umbrella of “creaky voice”,
fewer studies examine whether listeners consider all
of these types equal representations of the category
of (non-pathological) creaky voice, or whether some
types are more representative of this voice quality
(but see [15]). One study that presented voices as
disordered found that listeners could distinguish
between the qualities of multiply pulsed, amplitude
modulated, and noisy/aperiodic voices, using a
similarity scale from 1 to 7 [12]. This suggests that
listeners can attend to differences in acoustic
properties that have been attributed to creaky voice.
However, it is unclear whether listeners similarly
distinguish acoustic information about creak when it
is linguistic and not disordered. While it is predicted
that listeners will consider both prototypical creaky
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and multiply pulsed voice as creaky compared to
modal voice, it is possible that one type will be
treated as a more archetypal by listeners and will
therefore be more frequently labelled as an instance
of creaky voice. Alternatively, listeners may treat
both types as a coherent perceptual grouping of
creaky voice.
This study has 3 goals: (1) to acoustically
determine whether Keating et al’s. [8] acoustic
predictions distinguish the creak types in this study
as shown in Table 1, (2) to determine whether
listeners accurately identify the presence of creak in
either fully or partially creaky utterances, and (3) to
investigate whether listeners are equally likely to
identify prototypical creaky voice and multiply
pulsed voice as exemplars of creak.

alternate regularly in amplitude and length (see Fig
1). The creak type stayed relatively consistent
throughout the short utterances.
Figure 1: Example of prototypical creak (top, Lo1) and multiply pulsed creak (bottom, Hi-2)

2. METHODS
2.2. Participants and procedure
2.1. Stimuli

Participants were recruited on Amazon Mechanical
Turk (N=54, 29M, 25F). In training, listeners were
provided with text descriptions of creaky voice and
with 2 audio examples each of partial prototypical
(labelled as creaky) and modal phonation. In the test,
they were told to determine (yes/no) whether audio
phrases contained creaky voice anywhere in the file.

The talkers for the stimuli were four female podcast
hosts who record in professional settings, two with a
high average modal pitch (Hi-1, 2: ~195Hz) and two
with a lower average (Lo 1, 2: ~150Hz) (see Figure
2). The modal F0 differences were included to
examine whether potential acoustic differences
distinguishing type of creak could vary depending
on the height of a speaker’s modal F0.
Stimuli were 3-4 word phrases taken from the
ends of sentences (mean dur = 909ms; e.g., ‘many
months ago’, ‘kids one day’). There were 3
categories for voice quality: modal, prototypical
(proto) creak, and multiply pulsed (mult) creak. The
two creak types also interacted with creak duration:
whole utterance, or partial creak, in which creak was
produced on the second 50% of the utterance (e.g.
“my older fr̰ḭḛn̰d̰s̰ a̰r̰ḛ”). Partial creak is included
because it may be that participants are at ceiling in
the whole creak conditions, so potential differences
between mult and proto creak might be more likely
to emerge in the partial creak condition. Listeners
heard 5 utterance types: fully modal, fully proto
creaky, fully mult creaky, partially proto creaky and
partially mult creaky. There were 3 tokens for each
of the creak types and 6 for the modal type. All
phrases had final falling F0 and neutral semantic
content.
The creak types were identified by visual
inspection of waveforms and spectrograms in Praat
[16]. Prototypical and multiply pulsed creak were
chosen because they were the most common two
types found in the podcasters’ speech and are
visually distinct. Proto creak is characterized by a
low and irregular F0, with a long closed phase. Mult
creak contains two sets of glottal openings which

3. ACOUSTIC ANALYSIS OF STIMULI
To determine whether the acoustic properties of the
modal, proto and mult stimuli conform to the
hypotheses in [8], VoiceSauce [17] was used to
measure the properties discussed in their paper: F0,
H1*-H2* (‘*’ indicates a correction for formant
values), HNR<3500Hz, and SHR. The STRAIGHT
algorithm was used for F0. Because there were
different phonemes in each file and many
consonants are not appropriate for voice quality
measurements, measurements were taken over one
vowel in the modal and creaky portions of each file
in order to maintain as much consistency as possible.
The results of the measurements are illustrated in
Figure 2. For each acoustic measure, a linear mixed
effects model of speaker*quality (modal, proto,
mult) with token as a random intercept was carried
out in R, and for almost every measure, all of the
main effects and interactions were significant at
p<.01 (with the exception of the interactions
between mult and each low pitched speaker for
SHR, and main effects of speaker for H1*-H2*,
which are not significant.) These results were further
investigated by using a linear model to compare
voice quality within the individual speakers.
Results for F0 show significant differences for
all voice quality types for all 4 speakers. In all cases,
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modal F0 is significantly higher than F0 for both
creaky types (p < .001). Within the creak types, F0 is
higher for mult than for proto creak for Hi-1
(β=28.86, z=12.0, p<.001) but lower for Lo-2 (β=
-33.19, z=-17.5, p<.001). There were no significant
differences for Hi-2 or Lo-1.
Results for HNR < 3500Hz show that HNR for
the modal quality is significantly higher than for
either of the two creaky qualities (p < .001). For Hi1, HNR is significantly higher for mult than for
proto (β=1.99, z=3.88, p<.001), but the opposite is
true for the other 3 speakers (Hi-2: β=-17.42, z=24.25, p<.001, Lo-1: β=-8.96, z=-15.9, p<.001, Lo2: β=-4.31, z=-6.52, p<.001).
For H1*-H2*, again the modal quality is
significantly higher than for either of the creaky
qualities for all speakers (p < .001). For Hi-1, proto
is significantly lower than mult (β=-4.9, z=-8.86,
p<.001), while for Hi-2 and Lo-2, proto is
significantly higher than mult (Hi-2: β=8.92, z=14.07, p<.001, Lo-2: β=13.07, z=13.70, p<.001).
There is no significant difference between proto and
mult for Lo-1 (β=.35, z=.76).
For SHR, the results are more complicated. For
Hi-1, the only significant difference is that modal is
lower than mult (β=-.37, z=-2.29, p=.05). For Hi-2,
modal is lower than both mult (β=-.35, z=-3.87,
p<.001) and proto (β=-.34, z=-3.46, p<.002). For
both low-pitched speakers, modal is higher (contra
predictions) than proto (Lo-1: β=.32, z=3.78,
p<.001, Lo-2: β=.11, z=4.23, p<.001). There is no
significant difference between proto and mult.
The results for the acoustic measures confirm
some of the predictions for the comparison of modal
and creaky voice: both prototypical creak and
multiply pulsed creak are lower in F0, HNR <
3500Hz, and H1-H2. For F0, Keating et al. reported
that the relationship between F0 and multiply pulsed
creaky voice was unknown; this study demonstrates
that F0 is lower for both types of creak than for
modal voice. SHR does not always conform to the
prediction that it should be higher for multiply
pulsed creak than modal voice. It is true for both
high-pitched speakers, but not the low-pitched
speakers. This reason for this difference between
speakers with higher vs. lower modal F0 is not
immediately clear and is an area for future
investigation.
In the stimuli, some differences between
prototypical and multiply voiced creak were
observed, but they do not seem to be systematic
across speakers. For each acoustic variable, some
speakers show significantly higher values, while
others show lower values. This suggests that at least
the cues found in these stimuli do not necessarily
provide consistent information for listeners to

distinguish between different types of creak across
all speakers. However, there are reliable cues to
distinguish between creaky and modal phonation. In
the following perception study, listeners’ ability to
distinguish between these two creak types, and
between creaky vs. modal voice, is examined.
Figure 2: Acoustic properties of the modal, multiply
pulsed, and prototypical creak stimuli. From top to
bottom: Average F0, HNR<3500Hz, H1*-H2*, SHR.

4. PERCEPTION STUDY
In the perception study, results are reported for how
accurate listeners were in indicating that creak was
present (for mult and proto creak types, both whole
or partial creak), or not present (for modal tokens).
The creak types are divided by whole and partial
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creak, since as hypothesized (and as shown below),
listeners could be nearly at ceiling on utterances that
were creaky throughout their whole duration.
Results are shown in Figure 3. Accuracy
(proportion of correct responses) was analysed with
a mixed effects logistic regression in R with speaker
and type + amount of voice quality (modal, whole
proto, partial proto, whole mult, partial mult) as
factors (amount of creak was not treated as a
separate variable because the modal tokens were not
broken down into whole and partial.) These factors
were sum coded and stimulus and participant were
included as random intercepts.
Results show that overall, listeners are
significantly less accurate on Lo-1 (β=-.62, z=-3.35,
p<.001) and more accurate on Hi-2 (β=.43, z=2.13,
p=.03). Participants were significantly more accurate
on both whole creak types and less accurate on both
partial creak types (all p<.001) (there was no
significant result for modal).
Tukey post-hoc tests using multcomp [18]
provide further relevant comparisons for individual
speakers. All speakers are less accurate on both
types of partial creak than both types of whole creak
(all p<.01). For both higher pitched speakers and for
Lo-1, there is no difference in accuracy on modal vs.
either whole creak condition, but for Lo-2, listeners
were less accurate on modal than on either type of
whole creak (p<.01). Compared to accuracy on
modal tokens for higher pitched speakers, the
findings suggest that listeners are sometimes false
alarming on the modal tokens of the speakers with
lower average pitch.
In the comparison between partial proto and mult,
where potential differences between the creak types
are most likely to emerge, results show that there are

only significant differences between proto and mult
for two speakers, but the differences are in the
opposite direction. For Lo-2, listeners are more
likely to identify multiply pulsed creak as creaky
than prototypical creak (β=-1.1, z=-4.2, p<.001). For
Hi-2, listeners accurately identify prototypical
creaky more often (β=.79, z=2.98, p=.02)
5. DISCUSSION
These results indicate that there are consistent
acoustic cues that distinguish modal from creaky
voice, such as F0, HNR<3500Hz, and H1-H2 [10,
19], but these same cues do not reliably distinguish
between prototypical and multiply pulsed creaky
voice for all speakers. Moreover, higher vs. lower
modal F0 of the speaker does not seem to interact
consistently with any acoustic cues to distinguish
between proto and mult creaky voice. The absence
of a consistently higher SHR for mult as compared
to either modal or proto is unexpected based on
Keating et al’s [8] predictions; further study is
necessary to understand the acoustic cues that best
characterize multiply pulsed creak.
The perception study outcome is consistent with
the acoustic analysis of the stimuli since listeners did
not consistently distinguish between mult and proto
creak. As predicted, the whole creak condition
showed a ceiling effect, as listeners showed 90%+
accuracy on both proto and mult creak. The
significantly lower accuracy on partial creak
indicates that it is more difficult for listeners to
identify creak when it only occurs following modal
voice during the last 50% of the utterance. Yet even
here, there are only significant differences between
proto and mult creak for two speakers, and they are
in opposite directions. Since none of the acoustic
cues explored here are unique to only these speakers,
listeners may be keying into different potential cues
that are unexamined here to distinguish partial proto
from mult for these two speakers.
These perception results are consistent with the
assumption in the literature that despite
characteristic differences in how these types of creak
present in spectrograms and waveforms, at least
prototypical and multiply pulsed creak behave
mostly as a coherent category that listeners are
equally likely to identify as creaky voice, perhaps
because listeners are most sensitive to low F0 and
signal decay to identify creaky voice [20]. Future
research should also include aperiodic or nonconstricted creak to determine whether they also
pattern like prototypical and multiply pulsed creak in
perception.

Figure 3: Accuracy for modal and both whole and partial
multiply pulsed and prototypically creaky utterances.
Accuracy for creaky tokens = participants responded yes;
accuracy for modal tokens = participants responded no.
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ABSTRACT
The vowel-intrinsic fundamental frequency (IF0) is a
universal tendency for high vowels to have higher F0
than low vowels. The “tongue pull” hypothesis is the
most successful account of IF0, but other factors seem
to play a role as well. Few studies have investigated
the articulatory correlates of IF0, and their results are
somewhat inconsistent. Here we extended such
investigation and analyzed the data from two large
articulatory corpora with 40 speakers and 124,341
vowel samples. Our results showed that both tongue
height and jaw height significantly correlate with F0.
However, after we removed the tongue height effect
from F0, the jaw effect remains the same degree of
correlation with the residual, while the reverse was
not true for the tongue height effect. Thus our results
support the hypothesis that the underlying mechanism
for IF0 is at least as much controlled by mandibular
position as it is by tongue height.

biomechanical link between supraglottal articulation
and phonation continues.
The tongue pull hypothesis also implies that IF0
can be seen as a positive correlation between tongue
height and F0 and thus is gradient in nature tracking
vowel height. This gradient view of IF0 has been
challenged in some studies. For example, German
tense /e:/ has higher tongue position but lower F0 than
the lax /ɪ/ (e.g., [8]).
To further explain IF0 in terms of vowel
articulation, a few other studies have looked at the
articulatory correlates of IF0. Zawadzki and Gilbert
[26] found that the vertical position of the mandible
was more closely related to IF0 than tongue height in
three of five American English speakers, using
cineradiography. Fisher-Jørgensen [4], measuring
jaw and lip opening with video and tongue height
with palatography, also found that jaw (and lip
opening) were in better agreement with IF0 than
tongue height in five German speakers. Conversely,
Pape and Mooshammer [16] measured three German
speakers with EGG and EMMA; two speakers
showed the highest correlation of tongue height with
F0, while for the third speaker, the articulator that
correlated highest with F0 was the jaw.
Given these inconsistent results and limited
amounts of data reported, the aim of this study is to
carry out a more thorough investigation on the
articulatory correlates of IF0, with two large
articulatory corpora.

Keywords: Intrinsic F0, vowel articulation, tongue,
jaw
1. INTRODUCTION
Vowel-intrinsic fundamental frequency (IF0), the
tendency for high vowels to be produced with higher
F0 than low vowels, has been reported on since the
early 1900s, e.g. [1, 18, 21]. Despite the fact that the
mechanism behind IF0 is still in debate (see [7] for a
comprehensive review), it does appear that IF0 is a
language universal (e.g., [24]) and F0-dependent (IF0
difference is larger in higher pitch range but smaller
or disappears in lower pitch) (e.g., [9, 19, 20, 24]).
Many hypotheses can be found in the literature to
account for the underlying mechanisms for IF0. A
commonly accepted account is the so-called “tongue
pull hypothesis” (some researchers call it
“physiological
hypothesis”
or
“mechanical
account”), which proposes a physical link between
tongue articulation and the tension of the vocal folds.
It was first proposed by Ladefoged in [10] and has
then been revised (e.g., [5, 6, 7, 11, 14]). With the
evidence of EMG data, Honda [6] proposed that the
contraction of posterior genioglossus may
simultaneously support tongue raising and a forward
pull of the hyoid bone, which in turn rotates the
thyroid cartilage and lengthens the vocal folds.
However, debate about the exact details of this

2. METHOD
We selected 8 monophthong vowels of American
English (/ɑ, ɔ, æ, ʌ, ɛ, ɪ, u, i/) (with primary stress)
from 32 speakers (17 females) in the University of
Wisconsin x-ray microbeam database (XRMB, [23]),
and from 8 speakers (4 females) in the Haskins IEEE
Rate Comparison Database (HIRCD, [22]) (total
number of vowel samples = 124,341). Both corpora
simultaneously recorded acoustic and mid-sagittal
articulatory data of tongue, jaw and lip movements in
running speech. The tongue measurements in XRMB
were four points on the tongue (T1: ~1cm posterior to
tongue apex; T2: ~1.5cm from T1; T3: ~3cm from
T1; T4: ~4.5cm from T1), whereas those in HIRCD
were three points (T1: ~1cm from tongue apex; T2:
~1.7cm from T1; and T3: ~3.4cm from T1). In order
to carry out comparable analyses across two corpora,
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was observed for the /ɛ, ɪ/ pair, where a difference in
nominal tongue height and a large difference in F1 did
not correspond to a difference in F0. In general,
despite changes in prosodic context, IF0 was
observed, and the mean difference in F0 between /a/
and /i/ is 13.8 Hz, comparable to the previously
reported ranges of IF0 for American English (e.g.,
[24]).

we defined the tongue height ‘maxTy’ as the highest
vertical position on the tongue (from any tongue
sensor), and the jaw height ‘JH’ as the first principal
component of jaw position with the positive sign set
to indicate upward movement. We also created a new
variable “-F1” as the negative first formant, in order
to have the same sign of correlation with the
articulatory parameters. Formants were measured by
LPC (45ms window, 2ms step, 14 poles, pre-emp.
from 50 Hz) and tracked by the Viterbi algorithm, and
F0 values were calculated by the autocorrelation
method with the F0 range properly set for each
individual speaker in PRAAT [2] (Ver:6.0.43). We
carried out a series of Pearson correlation analyses.
For each correlation analysis, outliers were removed
by the ‘elbow method’, as described in [25].

3.2. Articulatory correlates of IF0

In the following text, we will abbreviate the
correlation of F0 with jaw height as Cor(F0, J), with
tongue height as Cor(F0, T), and with –F1 as Cor(F0,
-F1). Figure 2 summarizes the results of Cor(F0, J),
Cor(F0, T) and Cor(F0, -F1). Each symbol indicates
a correlation coefficient calculated separately for a
speaker. Shaded circles indicate significant
correlation coefficients while non-significant ones
are marked with unfilled diamonds. Positive values of
Cor(F0, -F1) represent the degree of IF0 for each
speaker. The positive correlations of Cor(F0, J) and
Cor(F0, T) are of similar degree across speakers,
while paired t-tests show that Cor(F0, J) is
significantly higher than Cor(F0, T) (p = .004; t =
3.1), although the effect size is medium (Cohen’s d =
0.48). The horizontal positions of all articulators did
not show appreciable correlations with F0 and are
thus not reported here. And, as expected, maxTy and
JH were also significantly correlated for all speakers
(mean correlation coefficient = 0.46).

3. RESULTS
3.1. Acoustic correlates of IF0

Figure 1 presents an overview of IF0 by plotting the
normalized F0 (upper) and F1 (lower) frequencies by
vowels. Each data point represents the median value
of a vowel produced by one speaker. Each curved line
represents the distribution (probability density
function) of 40 speakers for each vowel (see the
legend of Figure 2 for the definitions of distribution).
F0 and F1 values were normalized by subtracting the
median across all vowels separately for each speaker.
Figure 1: Normalized F0 (upper) and F1 (lower) for
eight vowels. Each point indicates the median of a
vowel for a speaker.

Figure 2: Articulatory and acoustic correlates of
IF0. Each blue circle indicates the correlation of F0
with each articulatory or acoustic parameter (JH,
maxTy, and –F1) for one speaker. Unfilled diamond
markers indicate the individual correlation is not
significant.

3.3. Subset with uncorrelated tongue and jaw heights

To further distinguish the contributions of tongue and
jaw heights to F0, we created two subsets of the data
such that tongue and jaw heights were uncorrelated.
Specifically, these subsets contain vowels produced
with higher (above median) tongue heights and lower

An IF0 effect can be observed as an increasing
trend of F0 from low to high vowels, parallel to a
general decreasing trend of F1 for the same order of
vowels. However, an exception to the pattern of IF0
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of DiffF0(4q-2q) is significantly higher than 0 (p =
.001; t = 3.5), with a medium effect size (Cohen’s d =
0.55). Thus the hypothesis that JH contribution to F0
is more prominent than maxTy is supported.

(below median) jaw heights, or with lower tongue
heights and higher jaw heights. Figure 3 demonstrates
the scatter plot of maxTy against JH for the speaker
M04. The origin indicates the medians of both
dimensions. These uncorrelated subsets are the tokens
within the 2nd and 4th quadrants in Figure 3; these
retain around 20~40% of data for each speaker. In
effect, the 2nd quadrant consists of high vowels
produced with low jaw positions, and the 4th quadrant
low vowels with high jaw positions.

3.4. Stepwise regression analysis

We further carried out stepwise regression analyses
on the articulatory effects on F0. The tongue height
(maxTy) effects were first fitted and removed from F0
(subtracting the predicted F0 by maxTy), and then jaw
height (JH) effects were subsequently fitted to the
residuals to obtain the residual effects of JH on F0,
coded as “JH-maxTy” here, and the reverse was done to
obtain “maxTy-JH”, the residual tongue height effect
on F0 by removing the jaw height effect. As shown in
Figure 5. the residual jaw height effects retain the
same degree of positive correlations with F0 as those
jaw height effects seen in Figure 2. On the other hand,
the residual tongue height effects were reduced from
the maxTy effects in Figure 2. A two-tailed t-test
revealed that the correlation coefficients of JH-maxTy
are significantly higher than those of maxTy-JH (p <
.001; t = 4.4).

Figure 3: Scatter plot of jaw and tongue positions
for the speaker M04. The origin indicates the
speaker medians in both dimensions.

Figure 5: Stepwise regression analyses. The
residue jaw height effects on F0 by removing
tongue height effects are coded as JH-maxTy, and the
residue tongue height effects on F0 by removing
jaw height effects as maxTy-JH.

Figure 4: Difference of median F0 between vowels
in the 4th quadrant and 2nd quadrant, schematized in
Figure 3. Positive values support the hypothesis that
JH contribution to F0 is more prominent than
maxTy.

3.5. Discrete or continuous nature of IF0

One hypothesis is that if JH contributes more to
F0 than maxTy, then we expect to see low F0 in the
2nd quadrant and high F0 in the 4th quadrant. We
defined ‘DiffF0(4q-2q)’ as the median F0 in the 4th
quadrant minus the median F0 in the 2nd quadrant, and
the hypothesis predicts that DiffF0(4q-2q) should be
positive. And conversely, the opposite hypothesis is
that if maxTy contributes more than JH, then
DiffF0(4q-2q) should be negative.
The results of such analysis are presented in
Figure 4. 31 out of 40 speakers have positive values
of DiffF0(4q-2q). A paired t-test shows that the mean

Lastly, we present the pooled view of the articulatory
correlates of IF0. For each speaker, the acoustic (F0
and F1) and articulatory parameters (JH and maxTy)
were first normalized by subtracting the speaker
median and divided by the interquartile range. The
medians for each vowel category in each parameter
were calculated and the medians of normalized F0
were plotted against those of JH (Figure 6a), maxTy
(Figure 6b) and –F1 (Figure 6c).
As shown in Figure 6, the correlations of F0 with
JH, maxTy and –F1 increased substantially from
those calculated separately for each speaker (Figure
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note that the effect was present for almost all speakers
despite these uncontrolled factors.

2) to around .7. Moreover, the discreteness of IF0 can
be seen in the /ɛ, ɪ/ pair in Figure 6(b-c) such that the
vowel /ɪ/ has noticeably higher tongue height and
lower F1 than the vowel /ɛ/, but both have similar F0.
Such discreteness is less clear in Figure 6(a); it
appears that the correlation between normalized F0
and JH can be more successfully explained by a linear
function than those in Figure 6(b-c) except for the
vowel /a/.

4.2. Articulatory correlates of IF0

One of the main purposes of this study is to explore
the articulatory correlates of IF0. Pearson correlation
results showed that both tongue height and jaw
position have significant correlations with F0, while
our two further analyses, data subsetting and stepwise
regression, support the hypothesis that jaw position
contributes more to F0 than the vertical position of
the highest point on the tongue. One limitation of this
study is that both EMA and x-ray microbeam
technologies can only measure flesh points on the
front part of the tongue. As suggested by [17], IF0 can
be explained by adjustment of the hypopharynx,
which has a direct effect on the tension of vocal folds,
and may have interactions with the horizontal
movements of the tongue root. Unfortunately, the
data we used do not provide measurements in the
posterior region of vocal tract, leaving direct tests to
the future.

Figure 6: Scatter plots of normalized F0 against
normalized jaw height (a), tongue height (b), and
negative F1 (c). The median of each vowel
produced by one speaker contributes to one data
point in these graphs.

4.3. Jaw as an active or passive role in IF0

Our main finding that the jaw rather than the tongue
has higher correlations with IF0 is consistent with [4]
and [26]. Both studies reached conservative
conclusions about the role that jaw plays in IF0. One
argument against an active account of a jaw
component is that the same or increased IF0
differences were found in vowels produced in a biteblock condition [13, 15]. However, [12] presented the
opposite results: that two of three speakers used lower
F0 for all vowels produced with the jaw propped
open. More recently, [3], based on previous
anatomical studies, proposed that the muscular chain
between jaw, hyoid bone and cricothyroid joint
(larynx) may be the biomechanical linkage for the
tendency of jaw lowering to accompany low F0.
While we do not have direct evidence for the
underlying mechanism of the jaw effect on IF0, our
results show that high vowels with lower jaw position
were produced with lower F0 than low vowels with
higher jaw position (Figure 4), which supports the
hypothesis that jaw position plays an active role in F0
control, as proposed by [3].

4. DISCUSSION
4.1. Robustness of IF0

Although we have known that IF0 is language
universal for some time [24], a large scale survey of
the robustness of IF0 within a language is less often
reported. Here we demonstrate such robustness of IF0
in American English in terms of both F0 differences
between high and low vowels and the positive
correlations of F0 with –F1. In Figure 1, 39 out of 40
speakers showed positive increasing trends of F0
from low vowels to high vowels, whereas in Figure 2,
39 speakers have positive correlations of F0 with –F1
and 37 of them are significant. Thus, our results
confirm that IF0 is very robust in American English,
with only one speaker failing to show IF0 effects in
our analyses. Note that the correlation analysis we
performed in this study is a single linear regression,
which treats all other factors, such as prosodic effects,
speech rate, coarticulation, etc., as unexplained
variability (i.e., noise). It is possible that the
magnitude of the unexplained variability for that
speaker is greater than that of the main effect (IF0)
and thus IF0 did not appear. It is also important to

5. CONCLUSIONS
In this study, we revisited the phenomenon of IF0 in
American English with extensive physiological
evidence. A series of our analyses support the
hypothesis that jaw height contributes more to the
magnitude of IF0 than does tongue height. Future
studies need to examine the role of the pharynx.
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ABSTRACT
This paper investigates the voice quality settings of
the tongue in the two registers of Singapore English,
Standard Singapore English (SSE) and Singapore
Colloquial English (SCE). Visualisation of the tongue
was achieved through lingual ultrasound, and tongue
imaging data was gathered from 7 (5 Singaporean, 2
non-Singaporean) female undergraduates during SSE
and SCE speech. Tongue contours during interspeech
postures (ISPs) from each register were statistically
evaluated with Generalised Additive Mixed
Modelling (GAMM). Additionally, raw ultrasound
data was subjected to Principal Components Analysis
(PCA), and randomisation was used to test for the
effect of register on mean PC scores. Results indicate
that SCE is characterised by a significantly lower
tongue tip than in SSE. These findings may have
important implications on the phonetic segments of
each register and serve as a promising first step into
voice quality research of Singapore English.
Keywords: Singapore English, lingual ultrasound,
voice quality, voice quality settings
1. INTRODUCTION
The main objective of this paper is to examine the
voice quality settings of the two registers of
Singapore English, namely, Standard Singapore
English (SSE) and Singapore Colloquial English
(SCE). More specifically, this paper aims to identify,
describe, and assess any systematic, register-specific
differences in the voice quality settings of the tongue
by means of lingual ultrasound. Knowledge of these
voice quality settings will improve our understanding
of the Singapore English accent and inform us about
potential interactions with its segmental structure.
2. BACKGROUND
2.1. Voice quality and voice quality settings

The term ‘voice quality’ has two main senses in the
field of phonetics; the narrow sense is concerned only
with phonation type (implicating laryngeal vibration).
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For the purposes of this paper, ‘voice quality’ refers
to its broader sense, defined by Abercrombie [1] as
“the quasi-permanent quality of a speaker’s voice”,
which also includes supralaryngeal features.
Laver [14] postulates that voice quality mainly
derives from two sources: (1) the anatomical and
physiological foundation of the speaker’s vocal
apparatus; and (2) the long-term tendency of the
speaker to use certain muscular settings of his vocal
apparatus. The latter, also known as voice quality
settings, presumably gives rise to the ‘auditory
colouring’ of an individual’s voice, and, on a larger
scale, characterizes the accent, or overall ‘sound’, of
the individual’s language variety [6].
In fact, several studies have empirically observed
the existence of language-specific voice quality
settings. For instance, differences have been observed
between the settings of English and other major
languages, such as French [8, 27], Polish [22], and
German [2]. In addition, differences in voice quality
settings have also been detected between two Dutch
dialects [27]. However, while research into voice
quality has garnered a modest amount of attention in
recent years, major language varieties, such as
Singapore English, remain wholly neglected in this
subfield of phonetics.
2.2. Voice quality settings of SSE and SCE

Singaporeans switch between SSE and SCE mainly
depending on register, but speakers also use these
subvarieties to index particular social characteristics
associated with each [4]. SSE and SCE vary mainly
in terms of morphology and syntax [10], but they also
sound different from one another, each possessing a
rather distinct phonetic and phonological profile. For
example, SSE is more ‘diphthongal’ [15], has longer
VOTs in its voiceless stops [17], and has a high
incidence of postvocalic-r [24]. SCE, on the other
hand, has a high tendency of word-final dark [ɫ]
vocalisation [23].
Based on the different phonetic realisations that
each register has, it is therefore hypothesised that the
underlying lingual voice quality settings of SSE and
SCE will be significantly different from each other.

3.4. Analysis 1: Interspeech posture (ISP)

3. METHODOLOGY
3.1. Participants

Seven participants were recruited by word of mouth,
comprising of 5 Singaporeans, 1 Malaysian, and 1
Chinese. The latter two have had 4 and 12 years of
education in Singapore, respectively. All participants
were female, between the ages of 18 and 24, ethnic
Chinese, and undergraduates at NTU. It was ideal to
control for any gender, age and ethnic effects, and to
ensure that all participants had a good command of
both SCE and SSE—the latter of which is often
claimed to be spoken only by the educated
Singaporean population [9].
3.2. Procedure: Spontaneous and Read Speech

In order to maintain some level of ecological validity,
especially in the case of SCE, it was most ideal to
examine conversational speech. Thus, participants
went through two spontaneous dialogues: first with a
university professor whom participants did not know
personally, on topics relating to school (for SSE), and
next with a friend, on topics relating to leisurely
activities (for SCE). This method was previously
successfully employed by Moorthy & Deterding [19]
to elicit a change in register in their participants.
The main drawback with spontaneous speech is
that segmental content is uncontrolled, and variation
in the phonemic contexts surrounding the pause may
confound with any signal arising purely from voice
quality [18]. Therefore, in addition to the spontaneous
task, participants were instructed to read the short
version of the ‘Rainbow passage’ twice in a ‘proper’
and ‘standard’ manner (for SSE) and twice in
‘Singlish’ (for SCE). The ‘Rainbow passage’ [7] was
chosen as it is a phonetically balanced passage such
that the ratios of the various phonemes reflect that of
normal, unscripted speech.
3.3. Apparatus

A MC10-5R10S-3 element (10 mm, 5–10 MHz)
microconvex ultrasound probe (operated using the
SonoSpeech micro ultrasound system by Articulate
Instruments) was placed under the submental surface
of the chin to obtain a sagittal image of the tongue,
stabilised by means of a lightweight aluminium
helmet worn by participants throughout the
experiment. Both the probe and an AT3035 AudioTechnica cardioid condenser microphone (plugged
into a Focusrite Scarlett Solo audio interface using
16-bit sampling at 44.1 kHz) were connected to a
computer, where the accompanying AAA software
automatically captured and synchronised ultrasound
videos and audio signals produced by participants.
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Gick et al. [8] suggests that a language’s voice quality
setting can be inferred from its interspeech posture
(ISP), a “motionless state of the articulators” which
in turn can be derived from an interutterance pause
[28]. As the definition of a pause has been quite
inconsistent in the existing literature [8, 20, 26, 27],
the present study took an all-encompassing approach,
to include all pauses occurring between speech,
including inhalation, grammatical pauses (e.g.
commas, periods), and ungrammatical pauses (e.g.
hesitation, word-search). The only pauses that were
definitively excluded were those associated with
swallowing.
A grand total of 710 pauses across all participants
were manually segmented and annotated based on the
acoustic signal using Praat [3]. Subsequently, the
auto-synchronised ultrasound frames corresponding
to each pause were extracted using MATLAB R2018b,
where the center frame of a pause was selected as the
target frame from which the ISP can be obtained. The
center frame was preferred over the mean frame
(across the duration of the pause) to minimise
carryover co-articulatory effects from neighbouring
words as much as possible [27].
The ISPs, i.e., the tongue contours, in the target
frames were manually traced using MATLAB R2018b.
Following which, each trace was resampled into 200
x- and y- coordinates, from which a mean trace was
constructed. This mean trace served as the reference
trace for a Generalised Procrustes Analysis (GPA),
which improves (but does not fully guarantee)
biological homology across all traces. Once all the
traces were superimposed and registered with GPA,
the resulting x- and y- coordinates were used as the
basis of the data analysis.
The data were fit into generalized additive (mixed)
models (GAM) using the bam() function from
the R package mgcv [29]. The independent variable
of register (SCE vs. SSE) was incorporated as a
difference smooth, and participants were treated as
random smooths.
The main challenge with GAM relates to
significance testing, which is less straightforward as
compared to linear models. Although there are
multiple methods to significance testing, not all are
adequate or conservative enough. Sóskuthy [21]
suggests that the “most reliable and least anticonservative” procedure for GAM significance
testing is to first conduct a model comparison using
the compareML() function from the R package
itsadug [25]. This allows us to observe if there is
an overall significant difference in tongue contours
between registers. Subsequently, we should plot (A)
the predicted tongue contours with corresponding

Figure 1: Predicted tongue contours (A) and
difference smooth with confidence interval (B)
under the spontaneous speech condition. The
tongue tip is at the lower values of x. A positive
value on the y-axis (in B) indicates that the contour
is higher in SSE.
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4.2. Analysis 2: PCA differences between registers

Fig. 3 illustrates the PCA of the read speech condition
for one participant, focusing on PC1-2 space: each
point represents one video frame and all frames were
used in the analysis. Frames close together in this
space are similar in their brightness pattern. Meanwarping inspection of the PCs revealed that PC1
consistently detected a brightness ramp-up (which is
evident when recording is started with the AAA
software), thus it was not included in statistical
analysis.
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Figure 3: PCA for participant P100301 (a native
Singaporean) showing frames from eight ultrasound
videos of the Rainbow passage (four for SSE and
four for SCE) as points in PC1-2 space.
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Under the spontaneous speech condition, the data
were fit using two GAMs (a nested one without
register, and a full one with register). Model
comparison reveals that the tongue contours between
registers differ significantly overall (nested [score =
283644.0, edf = 5] vs. full [score = 283188.5, edf = 8]
diff. = 455.49, df = 3, p-value < 2e–16). We can see
from Fig. 1 that the areas with significant differences
along the tongue contours correspond roughly to the
tongue tip/blade, tongue body, and tongue root.
Specifically, SSE is characterised by a higher tongue
tip, lower tongue body, and a slightly more retracted
tongue root.
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4. RESULTS

Figure 2: Predicted tongue contours (A) and
difference smooth with confidence interval (B)
under the read speech condition. The tongue tip is
at the lower values of x. A positive value on the yaxis (in B) indicates that the contour is higher in
SSE.
130

In complement to ISP analysis, the raw ultrasound
data for the read speech conditions from both
registers were subjected to Principal Components
Analysis (PCA) within participants (minimally four
videos, two repetitions for each register), treating
each video frame as an observation and each pixel as
a variable. Thus, the analysis applies to all events in a
given video, not just the ISP. This allows for
information not just about the tongue contour but also
the entire appearance of the oral structures in the
ultrasound video to be taken into consideration.
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3.5. Analysis 2: PCA on raw ultrasound data

that the tongue contours between registers differ
significantly overall (nested [score = 150908.5, edf =
5] vs. full [score = 150728.1, edf = 8] diff. = 180.47,
df = 3, p-value < 2e–16). Fig. 2 shows that the areas
of significant differences correspond roughly to the
tongue tip/blade, tongue body, and tongue root. Once
again, SSE possesses a higher tongue tip. However, it
appears difficult to draw any systematic conclusions
about the tongue body and tongue root.
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pointwise confidence intervals, as well as (B) the
difference smooth (excluding random effects) along
with a confidence interval. These will provide us with
graphical interpretations of the results.
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For the read speech condition, the data were also fit
using two GAMs (a nested one without register, and
a full one with register). Model comparison reveals
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Randomization testing with restricted permutations
(within participants) on the overall mean of mean
PC2-20 scores (taken across all frames within a given

trial) was used to gauge whether there were any
differences
between
registers.
With
20K
permutations, the observed difference in means has a
p-value of 0.025, thus allowing for rejection of the
null hypothesis that the ultrasound appearance of the
tongue (in PC2-20) does not differ between registers.
Figure 4: Mean warps (at +/–3 s.d.) along PC2
(2.7% of the variation) of raw ultrasound data of
participant P100301. Left side is anterior.

tip in SCE, it may relate, to some extent, as to why
word-final dark [ɫ] in SCE is often vocalised,
substituted (with [w]), and sometimes even deleted
altogether [5, 16, 23]. Conversely, a higher tongue tip
in SSE may be associated with more frequent usage
of postvocalic-r in SSE [24], as coda /r/ is known to
have a high degree of coarticulatory aggression, and
may exert long distance coarticulation effects [26].
5.2. Limitations

Fig. 4 shows PC2 warping applied to the mean frame
at +/–3 s.d., with higher values being more like SCE
and lower values being more associated with SSE (cf.
Fig. 3). Visually, the tongue tip appears to be slightly
lower in the warp associated with SCE (left side,
compare using the dashed white line), which is
consistent with the results from the ISP analysis.
Another difference (indicated by the white arrow) is
the slackness of the geniohyoid muscles (dotted white
line) and resulting posterior hyoid positioning (white
arrow) in SCE.

A main limitation is the lack of randomisation of
tasks—all participants were put through the SSE tasks
before the SCE tasks. This sequence was deemed
necessary as participants were uncomfortable using
SCE right at the beginning of the experiment. The
problem is that there could potentially be “probeshifting-over-time” effects, i.e. differences observed
might be due to slight changes in the position of the
probe as the experiment progressed. It should be
noted however that the voice quality setting itself
might influence the positioning of the probe because
of differences in muscular tensioning, particularly of
the mylohyoid and geniohyoid muscles (as is evident
in the PCA, see Fig. 4).
Another issue, which is a problem incidental to
ultrasound imaging in general, relates to normalizing
tongue contours across speakers [18]. Although the
study endeavoured to normalise all tongue contours
using GPA, it by no means guarantees biological
homology between speakers.

5. DISCUSSION

6. CONCLUSION

5.1. Potential interaction between voice quality settings
and phonetic segments in SCE and SSE

Using lingual ultrasound, the study examined the
voice quality settings of the tongue between SCE and
SSE. Evidence from the interspeech posture analysis
and PCA of the raw ultrasound video signal support
the conclusion of (minimally) a difference in tongue
tip height between the registers, but caution still is
required in the interpretation as the effects may be
associated with probe-shifting or segmental
influences (due to co-articulation in the ISP or
directly in the PCA). So, more work is required to
validate the results. Future studies could also extend
the research by looking at other aspects of voice
quality settings in Singapore English, such as the lips,
jaws and larynx.

tip
tip

The results demonstrate that the tongue tip is
consistently lower in SCE than SSE across both
conditions. Since no systematic pattern was observed
for the tongue body and tongue root, the study shall
refrain from making any premature conclusions about
them. The discussion will focus on the tongue tip.
Prior to that, it should be highlighted that the
‘chicken-and-egg’ problem persists: it is unclear
whether the long-term, habitual use of certain
muscular settings results in the realisation of phonetic
segments, or vice-versa (or even perhaps both). For
the sake of argument, the paper follows Laver’s [12]
proposition, in that voice quality settings may best be
exemplified as a form of articulatory ‘bias’, where a
setting is a “constraining influence on segmental
action”.
Thus, that SCE has a lower tongue tip may have a
profound effect on certain segments where the tongue
tip is the active articulator [11], including /r, l, θ, ð/.
If Singaporeans habitually maintain a lower tongue
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effect [4, 5, 15]. This suggests that coarticulatory
effects of voicing on the voice quality is a languagespecific, learnable process.
Unlike for stops, fricatives are thought to affect
the vowel universally [5]. Specifically, vowels
preceding a voiceless fricative showed an
increasingly breathy voice quality, regardless of the
language. This is in line with the observation that
voiceless fricatives involve a larger and earlier
glottal spreading [8, 10]. However, it is less clear as
to whether this applies to all phonetic contexts. For
example, a previous acoustic study [6] suggested
that English (Scottish and Southern British standard
varieties) word-final fricatives were different from
Russian word-final fricatives in terms of the timing
of glottal abduction. Specifically, the lag between
glottal abduction and the onset of oral constriction
was greater in Scottish and Southern British English,
while it was smaller in Russian. It should be noted
that the English varieties tested by [6] were those
with robust pre-aspiration before voiceless fricatives
(i.e. [hs] vis-à-vis [z̥]) while Russian shows such
preaspiration (i.e. [s] vis-à-vis [z̥]). It is not clear,
however, how stops pattern in the same context.
The current study thus examines the effect of
voiced/voiceless fricatives and stops on voice
quality of the preceding vowel in Russian and
(Canadian) English, with special attention to two
types of devoicing. Both Russian and Canadian
English employ a two-way voicing contrast, and
both have no robust aspiration before voiceless
fricatives (as well as stops). They differ from each
other, however, in terms of the status of word-final
devoicing. In Russian, devoicing has been
traditionally understood as a phonological,
categorical process for both stops and fricatives,
which results in neutralization of the contrast (e.g.
[7]). However, a growing body of instrumental
research suggests that this process is incomplete and
not categorical as previously thought ([3, 9, 13, 14]
for Russian; see also [16, 18] for German, [22] for
Dutch). On the other hand, in some varieties of
English including Canadian English, devoicing is
thought to be a gradient process, which does not
neutralize the phonological contrast (e.g. [2, 19] for
American English, which is a variety close to
Canadian English). The findings of incomplete

ABSTRACT
Effects of voiced/voiceless stops on voice quality of
preceding vowels are known to be crosslinguistically
variable,
while
those
of
voiced/voiceless fricatives are thought to be
universal. Little is known, however, about whether
such effects apply in a devoicing context. The
current study investigated laryngeal coarticulation in
two types of devoicing – phonological (albeit
incomplete) devoicing in Russian and a phonetic
(gradient) devoicing in English.
Electroglottographic data from 10 Russian and 10
Canadian English speakers showed that fricatives
tend to boost the Open Quotient values of the vowel
offset regardless of the language, suggesting that the
glottal abduction gesture precedes the oral
constriction of the fricatives. However, Russian
devoiced obstruents had an abrupt upward trend,
compared with English devoiced obstruents. Taken
together, the current study documents both
differences and similarities between two types of
devoicing in terms of laryngeal coarticulation.
Keywords:
Voicing,
Voice
Electroglottography, Russian, English

quality,

1. INTRODUCTION
Production of speech sounds consists of multiple,
continuous articulatory gestures implemented over
time. As a consequence, a gesture at a point of time
can be overlapped by gestures of adjacent sounds –
the phenomenon referred to as coarticulation. The
purpose of the current study is to investigate
coarticulatory effects of voiced/voiceless obstruents
on voice quality of the preceding vowel in two types
of devoicing contexts as described below.
Previous acoustic studies have revealed that there
are crosslinguistic differences in the effect of
voiced/voiceless stops on voice quality of adjacent
vowels [4, 5, 15]. These studies, which examined
Germanic and Romance languages, showed that
some languages (e.g. Swedish) exhibit voice quality
differences at the vowel offset as a function of the
voiced/voiceless status of the following stop, while
other languages (e.g. French) do not show such an
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devoicing in turn raise an empirical question: What
are the differences and/or similarities between the
incomplete phonological devoicing and gradient
phonetic devoicing?
To compare these two types of devoicing with
each other, an electroglottographic (EGG) study was
conducted. EGG is a non-invasive method used to
examine the direct signal caused by the glottal
activity (opening and closing), apart from the effects
of supralaryngeal resonance. By observing the
change in the glottal activity as a function of time,
the current study documents some cross-linguistic
similarities
and
differences
in
laryngeal
coarticulation. Given the previous findings [4, 5, 6,
15], it is predicted that (i) if glottal abduction gesture
starts before oral constriction, at least for voiceless
fricatives, the opening phase of the glottal activity in
the preceding vowel would increase as a function of
time; (ii) voiceless fricatives would show a similar
pattern regardless of the language, since both
Russian and Canadian English involve no
preaspiration; (iii) the devoiced series might show
some differences, since Russian and Canadian
English involve different types of devoicing.

2.3. Recording procedures

The participants were tested individually in the
University of Toronto phonetics lab. They were
asked to read randomized sentences based on
orthographic prompts. 5-6 repetitions were elicited.
In total, there were 440 intended tokens (4 Cs x 5 or
6 repetitions x 10 speakers x 2 languages). Three
speakers’ data (1 Russian speaker and 2 English
speakers) were systematically excluded from the
analysis due to an EGG recording error.
The EGG signal was generated using EG2-PCX2
(Glottal Enterprises Inc.) and sent to Audacity®.
The electrodes for EGG were placed on the
participant’s neck, using a Velcro® strap. The audio
signals were sent to Audacity via a preamplifier to
synchronize with the EGG signals.
2.4. Analysis procedures

Analysis procedures consisted of three steps. First,
to detect regions of interest in the EGG signal, the
interval of the preceding vowel was annotated on the
basis of the audio signal, using Praat [1]. Second,
Open Quotient (OQ) values in the preceding vowel
were measured based on the time-derivative (dEGG)
of the raw EGG signal. Finally, the values were
fitted to the Generalized Additive Mixed-Effects
Models (GAMM, [20, 24]) to evaluate the change in
glottal gestures as a function of time.
OQ in the preceding vowel of the final obstruent
was semi-automatically computed using the
Praatdet tools [11]. OQ reflects how much time the
glottis is open during a period (e.g. [12]). Greater
OQ implies a longer glottal opening, in comparison
to the the closing time during a period, implying
breathier or more lax phonation.
Before the computation, the raw EGG waveforms
were high-pass filtered at 75 Hz to eliminate the
noise due to exhalation interfering with periodicity,
and the closing peaks were set on the top of the
waveform (and the opening peaks were on the
down). The OQ computation was done on the basis
of the raw EGG waveform and the time-derivative
of it (dEGG, see Figure 1): The closing peaks were
detected from a time-derivative of the dEGG
waveform, and the opening peaks were detected
using “Howard’s method” featured in Praatdet. The
OQ values were then automatically calculated as (1).
After the automatic calculation, the obtained OQ
plots were visually checked before submitting
statistical analyses.

2. METHODS
Acoustic, EGG, and ultrasound imaging data were
collected simultaneously. Given the purpose of the
present study, only the EGG data are reported here.
2.1. Participants

The participants were 10 native speakers of Russian
(mean age 23, SD 4.6) and 10 native speakers of
Canadian English (mean age 23, SD 3.0). All of
them reported to speak respective languages as their
first language, to have grown up in a monolingual
household, and to have no history of speech or
language disorders. The Russian participants had
lived in Canada for less than 5 years.
2.2. Speech materials

The speech materials consisted of monosyllabic
(C1C2V1C3) nonce words containing word-final
voiced or voiceless obstruents (C3) preceded by a
low vowel (/a/ for Russian, /ɑ/ for English), as
summarized in Table 1. The target words were
embedded in carrier sentences (“Oksana skazala
[target].” ‘Oksana (female name) said [target]’ for
Russian; “I saw [target].” for English).
Table 1: Word list.
Russian

/flad/, /flat/, /flas/, /flaz/

English

/flɑd/, /flɑt/, /flɑs/, /flɑz/

(1)
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OQ = opening phase/period
opening phase = t2 – t1
period = t3 – t1

Figure 1: An example of the OQ measurement
(produced by a Russian male speaker).

3. RESULTS
3.1. Within-language results
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Figure 2: OQ trajectories for Russian speakers
(non-linear regression by GAMM). Lines indicate
the mean while bands indicate the 95% confidence
interval of the mean.
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Figure 3: OQ trajectories for English speakers
(non-linear regression by GAMM).
English
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In addition, voiced stops were classified based on
the EGG signal as phonetically devoiced and voiced.
If the signal ceased before reaching 50% of the
constriction interval (i.e. an assumed center of the
steady-state of the obstruent), the token was
classified as “phonetically devoiced”. The other
instances were classified as “phonetically voiced”.
Not surprisingly, the majority of final voiced
obstruents were judged as “devoiced”. However,
some instances of the voiced stops with no
devoicing were observed in both languages. These
results are presented separately in Section 3. Voiced
fricatives were consistently devoiced.
The obtained OQ values were plotted onto a twodimensional space with the normalized time as the
x-axis, and the normalized OQ as the y-axis. OQ
values were z-transformed for each speaker to
minimize possible deviations caused by individual
differences in voice quality.
Having generated the normalized space, the data
were fitted onto the Generalized Additive Mixed
Models (GAMM; see [20] for a practical
introduction) in order to estimate a non-linear
function relating the x-axis (time) with the y-axis
(OQ), i.e. a change in OQ value as a function of time.
In the regression models predicting OQ value, the
(normalized) time in the preceding vowel was
specified as the numeric dependent variable. The
(normalized) time was then nested by context. Bytrajectory (or by-token) random smooth as well as
by-speaker random smooth were added to reduce
autocorrelation [20]. The assumption here is that, if
the voicing in the following obstruent affects the
voice quality of the preceding vowel, the vowel
would show different OQ trajectories, depending on
the following voicing context, across individual
speakers. All the statistical analyses were
implemented using R ([17]). GAMMs were
implemented with mgcv [23] and itsadug [21]
packages in R. The statistical significance was
assessed by visual inspection of the 95% confidence
interval and model comparison with the null model.
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1.033
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Figures 2 and 3 shows OQ trajectories for
Russian and English speakers respectively. For
Russian (Fig. 2), the phonetically voiced stops
show lower OQ, compared with voiceless stops
and fricatives at the end of the vowel. However,
the devoiced stops and fricatives were not
significantly different from the voiceless
counterparts, in terms of the OQ trajectory.
English shows similar trends (Fig. 3), but the
effect is somewhat smaller, compared with
Russian.

-1.0

EGG

Period

the preceding vowel. This was done by taking into
consideration two types of devoicing – phonological
(albeit incomplete) devoicing as in Russian and
phonetic (gradient) devoicing as in Canadian
English. Specifically, we tested three predictions
stated in Section 1. Our preliminary analysis of the
data revealed three main findings.
First, as a function of time, voiceless fricatives
boosted the OQ values of the vowel offset in both
languages, suggesting that the glottal abduction
gesture starts before the oral constriction, which
confirms the prediction (i). This is consistent with
previous acoustic studies examining various
languages [6, 15]. However, the OQ trajectories
were different between Russian and Canadian
English, which disconfirms the prediction (ii).
Second, for both languages, phonetically voiced
stops had lower OQ trajectories, compared to
voiceless stops and fricatives. However, phonetically
devoiced stops and fricatives showed higher OQ
trajectories, just like the underlyingly voiceless
obstruents did. This suggests that in the devoicing
context, effects of obstruent voicing on voice quality
were affected by surface voicing of the following
consonant, but not by underlying voicing in both
languages.
Finally, the results showed that Russian devoiced
obstruents have an abrupt upward trend compared
with English devoiced obstruents, suggesting that
two types of devoicing result in different OQ
trajectories. This confirms the prediction (iii). A
general implication of the current results is that,
while the phonological devoicing and phonetic
devoicing is proved to be closer to each other than
previously thought, their difference may be due to a
difference in coarticulation. Taken together, the
results suggest that coarticulatory effects of voicing
on the voice quality is, at least in part, a languagespecific process. Future studies could further address
to what extent the two types of devoicing are similar
or different from each other both in terms of
laryngeal and supralaryngeal coarticulation.
In conclusion, the current study documented both
differences and similarities between an incomplete
phonological devoicing and a gradient phonetic
devoicing in terms of laryngeal coarticulation.

3.2. Between-language comparison

Figures 4 and 5 show cross-linguistic comparisons
of OQ trajectories for stops and fricatives
respectively. For devoiced fricatives (Fig. 5), an
upward trend is evident for both languages. At the
same time, Russian devoiced fricatives showed an
abrupt upward trend, compared to English devoiced
fricatives. Such a trend is also evident for devoiced
stops (Fig. 4). Additionally, while English devoiced
stops show an upward trend, the rising starts
somewhat earlier than Russian devoiced stops.
Figure 4: OQ trajectories for Russian and English
stops (non-linear regression by GAMM).
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Figure 5: OQ trajectories for Russian and English
fricatives (non-linear regression by GAMM).
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4. DISCUSSION
The purpose of the current study was to investigate
coarticulatory effects of voicing on voice quality of
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summarized in Table 1, [u] seems to be universally
lower in larynx height, while [i] and open vowels like
[a] and [ɑ] vary in larynx height by language; [i] often
being unexpectedly high.

ABSTRACT
This study addresses how vowel quality interacts with
larynx state. Magnetic Resonance Imaging (MRI)
data of the larynx during the articulation of
phonetically produced vowels under different voice
and phonatory quality conditions – including modal
and creaky phonatory qualities, glottal and epiglottal
stop, and raised larynx voice (RLV) pharyngealized
quality – were acquired for two trained phoneticians.
The analysis consists of qualitative observations of
laryngeal tissues and quantitative analysis of
anatomical landmarks. The results indicate that vocalventricular fold contact occurs in the context of
creaky voice and glottal and epiglottal stop, but the
contact pattern is complex with a residual medial air
space. The larynx is low for [ɑ, o, u]; front vowels
have typically higher larynx height. Lingual
articulation in RLV resembles a ‘double bunched’ [ɹ],
while the larynx position is both advanced and raised.

Table 1: Vowel ranking, high to low larynx height.

Language

Ranking

Source

N. A. English
S. Brit. English
Egyptian Arabic
English
French
Japanese, (YK)
Japanese, (SH)
Taiwanese
Mandarin
Vietnamese
Thai
English
German

[æ, ɑ, i, ɪ, ɛ, ʊ, u]
[æ, ɑ, i, ʊ, u]
[æ, ɑ, i, ʊ, u]
[i, a, u]
[i, a/u]
[i/e, a, u/o]
[a, i, u]
[i, a, u]
[a/e, i/y, u, o]
[a, i, u]
[i/a, u]
[i/æ/e, ɑ/ʌ, o, u]
[i, a, u]

[18], p. 40
[22], pp. 26-27
[22], pp. 26-27
[5], p. 27
[5], p. 28
[5], p. 29
[5], p. 30
[5], p. 31
[5], p. 32
[5], p. 33
[5], p. 34
[5], p. 41
[5], p. 41

Ewan [5] also points out that the patterns are more
complex, being both pitch and speaker dependent.
Larynx height variation may result from competing
action of hyoid (and larynx) lowering to aid jaw
opening for open vowels, and, in [i], of hyoid
advancement in tongue root articulation.
The goal of our study is to provide detailed
imaging data of the vocal tract when producing
different vowels under the influence of different
laryngeal articulatory postures, of increasing
epilaryngeal constriction, to ascertain how larynx
height is balanced between serving vowel articulation
and serving laryngeal articulation. As this task
involves comparison of articulations not found to cooccur within a single language, we focus on careful
phonetic productions of the target states.

Keywords: vowel quality, laryngeal articulation,
epilarynx, laryngeal ventricle.
1. INTRODUCTION
This study addresses how vowel quality interacts with
larynx state. It is known that larynx height varies in
relation to vowel quality, but inconsistently so [6, 11].
Furthermore, some have suggested that the intrinsic fo
of vowels arises from lingual-laryngeal interaction in
producing vowels [17, 21], and others point to widerreaching phonological patterns [20, 3, 15]. Despite
evidence supporting the existence of such effects,
uncertainty remains about the nature of the
articulatory changes involved, in particular those in
the lower vocal tract that concern the internal
configuration of laryngeal tissues in response to
vowel articulation or the relation between
cricothyroid rotation and larynx height [10].
Furthermore, very little work has examined how the
interactions play out under the influence of different
voice (and phonatory) qualities, such as raised larynx
voice (RLV) which is laryngeally constricted [12].
A general tendency is that vowel height tends to
be inversely related to larynx height [18, 13, 6, 5]. As

2. METHODS
The data for this study come from two partially
independent MRI sessions with two phonetician
subjects, each with somewhat different objectives and
spaced widely apart in time. Common to both is that
different states of constriction of the laryngeal
articulator [3, 15] (with or without a phonation type)
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were sustained in a given vocalic context. What
follows is a description of each MRI session.
The first session features data from JHE, a trained
phonetician producing [i, e, æ, ɑ, o, u] across different
laryngeal states. The states examined were modal
voice (for control), glottal stop, and (aryepiglotto)epiglottal stop, all sustained coarticulatorily for 8 s.
Imaging consisted of 2D multi-slice sagittal
sequences. Acquisition was done at the Hôpital
européen Georges-Pompidou (HEGP) in Paris on a
Discovery MR750W 3.0T scanner (GE Medical
Systems) under the guidance of Prof. Philippe Halimi,
Chef de service, Radiologie, HEGP. A GEM headand-neck coil was used. We used a fast spoiled
gradient recalled echo (SPGR) 3D sequence (TR =
5.3 mm, TE = 2.1 mm, FOV = 259.9 mm × 259.9 mm,
flip angle = 12°). Each sequence produced 56 serial
sections with a slice thickness of 2 mm and a 1 mm
interslice distance. No audio was collected during this
session. The participant did not have auditorypriming assistance.
The second session features data from SRM, also
a trained phonetician. This session was designed to
obtain a wider range of vowel qualities than the first
session (but including those vowels as a subset) in the
context of constricted laryngeal states with phonation.
The states examined were modal voice (for control),
creaky voice, and RLV (pharyngealized quality). The
vowel qualities examined were [i, ɪ, e, ɛ, æ, ɑ, ɔ, o, ʊ,
u]. Acquisition was at the Donders Institute for Brain,
Cognition and Behaviour (in the Donders Centre for
Cognitive Neuroimaging or DCCN) in Nijmegen
(NL). We used an Avanto 1.5T MRI system (Siemens
Healthcare) with six-channel head and neck RF
receiver coil array (also by Siemens) and a T2weighted turbo spin-echo sequence (acquisition time
= 10 s, TE = 9.9 ms, TR = 380 ms, flip angle = 150°,
slice thickness = 3 mm, field of view = 240 mm × 240
mm, voxel size = 3.0 mm × 0.94 mm × 0.94 mm),
yielding only midsagittal slices. Audio was recorded,
but we only analyse fo here. The participant had no
auditory-priming support in the productions.
Analysis of the resulting images was both
qualitative and quantitative. Qualitative analysis was
facilitated by various means of visualizing the scans.
The vocal tract was manually traced and two
comparisons were made, following [15], one between
the modal state and a moderately constricted state
(either glottal stop or creaky voice) and another
between the modal state and the heavily constricted
state (either epiglottal stop or RLV).
For the first session only (JHE), volumetric
visualizations were constructed using the marching
cubes algorithm [8] on a region bounded inferiorly by
the base of the cricoid lamina, anteriorly by the
laryngeal prominence of the thyroid cartilage and

superiorly, obliquely, by a plane tangent to the apex
of the epiglottis and the upper surface of the posterior
cartilage complex formed by the cuneiforms,
corniculates, and arytenoids.
Quantitative analysis was performed on a subset
of linear and angular measures obtained from a
landmarking analysis of the raw data (using a custom
interface in MATLAB®). In this paper, we only
consider cricoid height (a measure of larynx height
obtained by comparing the average position of the
base of C7 across vowel states within a single
participant’s data and the superior midline point of
the cricoid lamina) and the posterior-anterior distance
of the epilaryngeal tube (the smallest distance
between its anterior and posterior margins), selected
on the theoretical grounds that it is a key dimension
of laryngeal articulator action [3, 4].
3. RESULTS
Qualitative results are given in Fig. 1-5. First in Fig.
1-3, are 3D visualizations of the laryngeal and
hypopharyngeal airway of JHE (from a few
centimetres below the vocal folds up to the upper
epilaryngeal border). Fig. 1 provides an annotated
view of the airways as they appear for the vowel [i]
across the three voice qualities (modal, GS, and ES).
Figure 1. Lower airway renderings (JHE) for [i];
modal (top), glottal stop (GS; middle), epiglottal
stop (ES; bottom). Views: side view (from left); 3/4
front-view; front view. Abbrev.: ea = apex of the
epiglottis; ep = petiole of the epiglottis; et =
epiglottic tubercle; ff = ventricular (false) fold; tf =
vocal (true) fold; pf = piriform fossa; tr = trachea;
vent = ventricle (space); vest = vestibule.

Fig. 2 and 3 present side and front views,
respectively, of these renderings for all of the vowels
produced by JHE. Fig. 2 illustrates the angle of the
epiglottis as it rotates and flattens in the production of
vowels with greater degrees of retraction (especially
[æ] and [ɑ]). One can also get an immediate
impression of the variation in larynx height (in
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absolute terms). In modal voice, [e] is highest while
[ɑ] and [u] are lowest. In GS and ES, [ɑ] is lowest.
Both Fig. 2 and 3 give a sense of how constriction
changes the ventricle. It does not disappear entirely:
a small anterior pocket remains across all vowels in
both GS and ES. Despite this, the remainder of the
mid-laryngeal airway has collapsed, which suggests
that there is contact between the vocal folds and
ventricular folds over their entire lateral-medial
extent as one moves posteriorly. The vestibule
collapses to an extreme degree in both GS and ES. A
thin channel (vest) extends below the level of the
tubercle of the epiglottis (et; side view in Fig. 1).

level of the tongue and the narrow ventricular patency
(arrow 2, Fig. 4) at the level of the larynx. In fact, this
linguo-pharyngeal contact occurs even in modal
voice for the vowels [æ], [ɑ], and [o] but not [i], [e],
and [u], which is consistent with laryngoscopic
observations [7] that suggest pharyngeal bracing for
the former set of vowels.
Figure 4. MRI montage of vowels (JHE): modal
(top) glottal stop (middle); epiglottal stop (bottom).
Traces: modal voice (black outline) vs. GS (gray
area; top) and vs. ES (gray area; bottom).

Figure 2: Lower airway (JHE), side views.

Figure 5. MRI montage of vowels (SRM): modal
(top); creaky voice (middle); RLV (bottom).
Traces: modal (black outline) vs. creaky voice (gray
area; top) and vs. RLV (gray area; bottom).

Figure 3: Lower airway (JHE), front views.

Turning to Fig. 5, the positioning of the tongue
between the modal and creaky voice series reveals
that there is some slight lingual retraction in creaky
voice, which makes the overall pharyngeal airway
appear slightly reduced in volume. RLV shows a
reconfiguration of the pharyngeal airway associated
with ‘cinching’ of the tongue (arrow 2, Fig. 5; cf.
arrow 3, Fig. 4); it also shows striking advancement
of the larynx as a whole but most visible in the

Near-mid-sagittal sections appear in Fig. 4, for
JHE, and in Fig. 5, for SRM. In Fig. 4, the tongue
appears to make contact with the posterior pharyngeal
wall (arrow 1) – and indeed it does – but, we can
ascertain from parallel scans that this does not mean
the airway is closed off (as for a linguo-pharyngeal
stop). Rather, this is an artefact of a slightly nonorthogonal alignment of the participant’s head,
making it difficult to capture both the airway at the
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should be made with this in mind. As a few
researchers have observed [6, 17, 22], larynx height
is not independent of vowel quality but instead covaries with it. We add considerable detail in
qualitative visualization and quantification of larynx
height and postero-anterior epilarynx distance. This
study also introduces the interaction effects that
different types of laryngeal articulation produce –
from nil (modal voice), to moderate (glottal stop and
creaky voice), and extreme forms of constriction
(epiglottal stop and raised larynx voice).
An important result of this work is the finding that
during glottal stop, epiglottal stop, and creaky voice,
there is manifest contact between the vocal folds and
the ventricular folds. Such contact is also implied in
[9], described by [14] and [12], and further confirmed
in [16]. In our results here, although the posterior
portion of the ventricular space is obliterated (for both
participants), a medial-anterior patency of the
ventricle was also evident. Creakiness and especially
RLV quality preserve a supraglottal space within the
larynx to allow for vibration, but with mainly
perturbed vibratory quality in creakiness and mainly
perturbed resonance in RLV. Our findings for larynx
height are mixed for glottal stop and creaky voice. In
addition to variation associated with vowel quality, it
is possible that low pitch and increased constriction
compete to determine laryngeal height. This differs
from epiglottal stop, where epilaryngeal constriction
seems to dominate in controlling larynx height over
the other factors because the larynx is always raised
in this state.
Although the vowels show a range of positions in
the laryngeal vowel space across conditions and
speakers, some consistencies hold. While larynx
height appears to be inversely related to epilarynx
distance (lower larynx, wider epilarynx), epilarynx
distance is typically narrowest for [æ] – except,
surprisingly, in RLV. The general pattern of larynx
height across the vowels is more or less consistent
with that observed in previous studies, with front
vowels [i] and [a] (or [æ], in this study) being higher
in larynx height than [u]. We can state further that
front vowels are typically higher than vowels [ɑ, o,
u]. One reason for the lower larynx position in [ɑ]
may be that lowering the larynx, via chain-linkage
with the hyoid bone, helps the tongue retract into the
pharynx. If larynx height is not suppressed, then we
suspect phonatory vibration would tend towards
constricted types (e.g., creaky voice) or cease
altogether. Thus, because of the internal laryngeal
compaction brought about by tongue retraction, open
vowels are at risk of perturbed phonatory quality if
compensatory adjustment is not made by lowering the
larynx. Generally we have shown that lower-vocaltract states significantly influence vowel quality.

anterior movement of the posterior structures (cf.
arrow 3, Fig. 5).
We suspect that muscle fibres of the medial
portion of the genioglossus muscle are pulling the
dorsum anteriorly [19]. At the same time, the
posterior tongue infringes the laryngopharyngeal
space, displacing the epiglottis. The overall effect is
that a significant portion of the pharyngeal airspace
volume is shifted upwards, particularly noteable for
[iʕ], [eʕ], and [uʕ]. This distortion of tongue shape,
which bears a resemblance to the type-4 variety of
American English /r/ [2] and the ‘double bunching’
identified by Catford [1], parallels the lingual shapes
observed for ES.
The ventricle seems to be obliterated in creaky
voice (cf. arrow 1, Fig. 5), but it must have been at
least slightly open (otherwise voicing would not be
possible). The apparent closure probably reflects loss
of the lateral portions of the ventricle caused by
contact between the vocal and ventricular folds [16].
Figure 6. Laryngeal vowel space (cricoid height vs.
postero-anterior epilaryngeal tube distance) for JHE
(top) and SRM (bottom). Cricoid height: lower
values = lower larynx height; epilarynx distance:
lower values = narrower epilarynx.

Fig. 6 shows possible dimensions of what could be
called the ‘laryngeal vowel space’. The posteroanterior epilarynx distance is plotted against cricoid
height. For SRM, mean fo was 87 Hz, 91 Hz, and 101
Hz for modal voice, creaky voice, and RLV,
respectively. Spearman’s rank-order correlation tests
were run to check the strength of association between
fo and cricoid height, but none were significant (which
probably more reflects being underpowered). Thus,
these values are suggestive that the observed effects
are due to larynx state and not pitch, but pitch cannot
be definitively ruled out given the limited data.
4. DISCUSSION AND CONCLUSION
The data here reflect careful, canonical performances
by two trained phoneticians, and interpretations
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Taiwan Mandarin: starting at a mid-high level, fo
falls steadily to a low level without a distinct
final rise characteristic of Beijing Mandarin. In
addition to fo differences between male and
female speakers (as is expected on physiological
grounds), Lee’s analysis also revealed
systematic patterns of alignment related to
gender, with male speakers producing a longer
mid-low plateau in T2. While this could be a
signal of gender identity, it could also be
attributed to the biomechanics of pitch
production.
As [9] asserts, “the characteristic patterns of
vocal fundamental frequency in speech are
derived from the morphology of the human
speech organs”. The production of tone is a
physiologically complex process, involving the
use of various laryngeal and extra-laryngeal
mechanisms. Vertical larynx movement during
phonation has previously been observed using
X-ray [3, 2], electromyographic (EMG) [10, 16],
and magnetic resonance imaging [7]. Larynx
height in lexical tone production has been based
on inferences made with EMG [18, 4, 6]. Direct
observation of citation tone production in
Mandarin has been made using simultaneous
laryngoscopy and laryngeal ultrasound [15],
which describes two strategies for low tone
production: (i) larynx lowering and (ii) raising
with (epi)laryngeal constriction. It was also
found that the larynx rises continuously during
T1 production. In [19], electromagnetic
articulography evidence shows that tongue
height for Mandarin /i/ and /a/ varies in relation
to T2 and T3.
The present study aims to provide an acoustic
and articulatory characterisation of SgM citation
tones. Given the differences in fo contour
between SgM and other varieties of Mandarin
[13], it may be that SgM also exhibits

ABSTRACT
Previous acoustic studies on Mandarin tones
have focused on mainland (Beijing or Taiwan)
dialects. With the aid of laryngeal ultrasound,
this exploratory study provides an acoustic and
articulatory examination of Singapore Mandarin
and corroborates the findings of previous studies
into the fo of its tones. The relationship between
vertical and horizontal movements of the larynx
is then examined in relation to fo. Generally
larynx height patterns with fo, but there was an
inverse relationship between larynx height and fo
for the production for some tones. This could be
attributed to laryngeal medialisation, which may
be a mechanism Singapore Mandarin speakers
employ in the lowering of fo .
Keywords: Tone, laryngeal articulation,
laryngeal ultrasound, Mandarin, Singapore.
1. INTRODUCTION
While the acoustic aspects of Mandarin tones
(T1 = high level, T2 = mid rising, T3 = falling
(rising), T4 = high falling) are well-documented
[8, 11, 24], most of the work has only examined
the varieties of Mandarin spoken in Beijing or
Taiwan. In comparison, studies on Singaporean
Mandarin (SgM) tones remain relatively scant
[1]. Acoustic research has revealed non-trivial
differences between SgM and other varieties of
Mandarin. Lee’s [13] study on SgM tones found
variations in syllable duration and fo contour
compared to Beijing and Taiwan Mandarin. In
addition, while T2 in these varieties remains
level or falls slightly before rising towards the
end, SgM T2 exhibits “a mid-low level stretch
not found in the other varieties” [13]. The
realisation of T3 in SgM is similar to that of
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articulatory differences. Not only would
articulatory data contribute towards the growing
corpus in SgM tone data, such data could also
generate further empirical and theoretical
questions concerning the physiology of tone
production more generally.

The vertical and horizontal velocity signals were
then obtained using the trimmean() function set
to exclude the lowest and highest 25% values of
the vertical and horizontal components of the
fields. Only the superficial-most upper half of
the video was used so as to exclude vocal fold
flutter and other noise. Displacement over time
was then computed via numerical integration

2. METHODOLOGY

using the cumtrapz() function. Using Praat, the
voiced portion of each audio token was
automatically segmented for analysis, and the fo
contour was obtained. Based on the
segmentation, the relevant portion of the larynx
displacement signals were then extracted. All
signals were time-normalised. Manual checking
was performed on 10% of the optical flow
analysis to ensure that the segmentations were
accurate.

2.1 Speakers, speech material, and equipment

Eleven native speakers of SgM (7 females)
participated in this study. The age range of the
participants was 21 to 30 years old (M=24.4,
SD=2.5). A language background questionnaire
was used to ensure that the participants spoke
SgM regularly and were proficient in reading
Mandarin characters.
Participants were asked to produce three
iterations of three maximally distal vowels
(/i/-/a/-/u/) in bilabial- and alveolar-initial CV
monosyllables, each repeated across the four
lexical tones. We omitted combinations not
associated with a meaningful word. In total, 53
target words were elicited, generating (53 tokens
× 3 iterations × 11 speakers =) 1749 trials.
Audio signals were captured using an
AT3035 Audio-Technica cardioid condenser
microphone (powered by a Focusrite Scarlett
Solo audio interface using 16-bit sampling at
44.1 kHz). Laryngeal ultrasound video data was
collected using a L12-5L40S 64 (40 mm, 5–12
MHz) linear ultrasound transducer following
[15] and the SonoSpeech micro ultrasound
system operated via AAA (Articulate
Instruments), which automatically synchronised
all signals. The transducer was placed sagittally
adjacent to the laryngeal prominence of the
speakers.

2.3 Generalised Additive Mixed Modelling

Since the data consists entirely of time-series
observations (fo, larynx height, larynx
medialisation) for each token, we employ
Generalised
Additive
Mixed
Modeling
(GAMM) [20, 22] using the mgcv package [23]
in R. We ran three separate models with (i) fo,
(ii) vertical larynx displacement, and (iii) larynx
medialisation as DVs. For IVs, each model
included difference smooth terms for tone, sex,
and vowel quality (along with the associated
parametric terms). No interactions were tested.
To account for non-linear variation among the
tones produced by participants, we used
by-participant and by-tone random smooths.
With the help of preliminary models, we then
decided to incorporate an AR1 model to account
for autocorrelation of residuals and fit using the
scaled-t family to address non-normality of the
residuals. Variable selection was made using
shrinkage smoothers [14]. Model diagnostics
and residual analysis (via g
 am.check() in i tsadug
[17]) indicated that final models were generally
nearly normal in residual distribution and
sufficient basis dimensions were used for the
smooths. Deviance explained was (i) 72%, (ii)
37%, and (iii) 55%, suggesting reasonably good
fits. Because of space limitations, we do not

2.2 Post-processing

Vertical and horizontal changes in larynx
position were obtained using optical flow
analysis, which tracks movement in a series of
video frames as a time-varying vector field [15].
Here we used the imregdemons() algorithm in
MATLAB 2018b on frame pairs (reduced to 25%
original size) to obtain the displacement fields.
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report full results from GAMMs, instead relying
on smooth plots using the confidence intervals.

displacement is approximately 1 mm for both
sexes, but the wide confidence intervals suggest
large individual variation. T3 shows the greatest
medialisation and T1 the least (with T2 and T4
being intermediate). This suggests that
medialisation is serving low tone production
(possibly in substitution for lack of falling
larynx height during voicing).

3. RESULTS
Fig. 1 shows smooths for fo. The fo contours
observed in this study are consistent with
previous findings for SgM [13]. All smooth
terms are significant except that contour shape
does not significantly differ between T1 and T3.
We also find the typical intrinsic fo of vowels
[21], with [i] and [u] significantly higher (by 11
and 15 Hz respectively) than the low vowel [a].
fo across all tones appears to lower sharply
initially, which may be an anticipatory effect
associated with citation form. This effect was
more evident for female speakers. The tones can
be seen to cluster into two regions at onset and
offset.

Figure 2: Larynx height. (See Fig. 1)

Figure 1: GAM smooth plots (nonlinear estimate
plus confidence intervals) for fo by sex and vowel
(T1 = solid, T2 = dashed, T3 = dotted, T4 =
dashed-dotted).
Figure 3: Larynx medialisation. (See Fig. 1)

Fig. 2 shows smooths (all significant) for larynx
height (vertical component), ranging around 6
mm for females and 7 mm for males. The [u]
context is (significantly) lower by about 2 mm;
[a] and [i] are virtually identical. The patterns
are generally as expected except that male T1,
T3, and T4 exhibit unanticipated raising towards
tone offset (most noticeable in [u] context). Fig.
3 shows smooths (again, all significant) for
larynx medialisation. The estimated extent of

4. DISCUSSION
4.1 fo and larynx height

The organisation of pitch levels into two distinct
onset and offset zones is consistent with Lee’s
findings [13]: similar to Beijing or Taiwan
Mandarin, fo contours
for T1 and T4 begin with a

high onset, with T4 lowering into a low offset.
T2 however exhibited a slight lowering before
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rising to a high offset, while T3 seems to follow
a lowering pattern without the ‘dipping’
characteristic of Beijing Mandarin. When
examined in relation to larynx height however,
some notable differences emerge: while the
larynx height contours generally reflect the
pattern of the corresponding fo contours for T1
and T2, larynx height for T4 appears to have a
lower onset than T1 and a higher offset than T3.
Additionally, laryngeal movement for T3
appears to diverge from its corresponding fo
contour—rather than ending on a level pitch as
indicated by the fo measurements, laryngeal
height contour for T3 instead shows a slight rise
towards the end of phonation (especially for
males). While T3 in standard Mandarin speakers
is associated with “larynx lowering, which
reaches its nadir roughly halfway through the
tone where the fo is also low; the larynx then
ascends in correspondence with the rising fo at
this point” [15], the laryngeal movement of SgM
differs in that it does not correspond to the
continual fall in fo. Such an effect indicates the
presence of other mechanisms other than larynx
height involved in fo lowering of T3.

From the above data, medialisation appears to
partially correlate with low fo—hence, the
relatively low medialisation in the production of
T1 is unsurprising as the degree of vertical
laryngeal movement and the fo associated with
the tone are comparatively high and level. The
degree of medialisation for T2, T3, and T4
generally inversely reflect the corresponding fo
contours: the most medialisation is found in T3,
which also exhibits the lowest mean fo . It should
be noted that medialisation does not reflect
adductory action of the vocal folds for two
reasons. First, the region of interest used for
optical flow analysis was quite superficial, going
only as far as about the depth of the thyroid
cartilage. Second, the vocal folds should be
adducted by phonation onset, yet medialisation
can increase during tone production. The
medialisation appears as drift and even
expansion of the superficial laryngeal structures
and infrahyoid musculature. While the
medialisation may be related epilaryngeal
constriction [15], which should be accompanied
by changes to phonatory quality (yet to be
assessed in our data), the impression is that the
thyroid laminae become approximated.

4.2 Vowel effects on larynx height

5. CONCLUSION

In [19], it was found that tongue height is low
for [a] but high for [i] for low onset tones.
Likewise, given the coarticulatory relationship
between lingual and laryngeal gestures [12], it is
expected that larynx height should show a
similar conditioning by physiological factors.
The current study did not, however, find any
effect of [i] (in distinction to [a]) on larynx
height. A general lowering effect was found for
[u]. The grouping of [i] together with [a] as
higher in larynx height than [u] is consistent
with the findings of older articulatory studies
(e.g., [5]). This goes against the high-vowel
grouping by intrinsic fo, suggesting that hyoid
pull (associated with [i] and [u]) is more
probably the cause of this effect.

Our acoustic results correspond to the findings
of previous research on SgM, indicating that the
citation tones of this variety differ from those of
standard Mandarin. To fully understand the fo
contours of SgM tones, it will be beneficial to
take into account contextual variation by
examining sentential utterances (data for which
has been collected) in addition to the citation
forms. A comparison between fo contours and
laryngeal movements revealed some articulatory
effects: the syllable-final raising of the larynx in
the production of T3 does not correspond to the
fo contours, suggesting that some other
articulatory mechanisms might be involved in
pitch lowering. One such mechanism may
possibly be larynx medialisation. More refined
techniques looking specifically at medialisation
should be considered for future studies.

4.3 Laryngeal medialisation and tone

To our knowledge, the medial movement of the
larynx is a novel finding of the present study.
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measures such as inhibitory control and selective
attention than the control group [18].
On the other hand, a linguistic sound change
called tone merging has been observed in tonal
languages such as HKC. HKC has a total of six
contrastive tones for open syllables, namely T1 (highlevel), T2 (high-rising), T3 (mid-level), T4 (lowfalling/extra-low-level), T5 (low-rising) and T6 (lowlevel). Previous studies have found that T2/T5, T3/T6
and T4/T6 are most likely to be confused by native
speakers of HKC while other pairs were unaffected
[16]. Besides, a perception/production mismatch has
been found in the said three tone pairs. As shown in
[6][7][16], while the T2/T5 and T3/T6 contrast were
maintained in perception but not production (i.e.
[+per][-pro] or ‘partial merger’), the T4/T6 contrast
was retained in production but not perception (i.e. [per][+pro] or ‘near merger’). Some speakers of HKC
have been found to confuse T2/T5 in both perception
and production (i.e. [-per][-pro] or ‘full merger’).
No previous studies have investigated the
relationship between congenital amusia and tone
merging, albeit the shared behavioural similarity in
tone confusion. The present study aims to bridge the
gap by directly comparing the two groups in terms of
their ability to discriminate musical tones and lexical
tones, as well as their production of lexical tones in
HKC. Three research questions were investigated in
this study: (1) Since tone merging individuals confuse
lexical tones, do they show reduced ability in
discriminating musical tones, compared with control
participants who are non-amusic and without tonemerging? (2) Will amusics confuse lexical tones in
both perception and production? If so, will the
confusion patterns be highly selective, similar to
those reported of tone mergers? (3) Is the
discrimination ability of musical tone related to that
of lexical tone?

ABSTRACT
Congenital amusia is a disorder reported to affect
one’s pitch processing in both music and language
domains, resulting in an impaired discrimination of
native lexical tones. Tone merging has been observed
in native speakers of Hong Kong Cantonese, where
some speakers confuse certain tone pairs in
perception and/or production. Existing studies have
only investigated the two groups separately, leaving a
gap which concerns whether amusics’ profile is
comparable to mergers’. The current study bridges
the gap by directly comparing amusics and mergers
in their ability to discriminate musical and lexical
tones, plus their lexical tone production profile.
Results revealed that mergers were intact in musical
pitch perception and highly selective in lexical tone
confusion. In contrast, amusics exhibited low
sensitivity to all lexical tone pairs, and a dissociation
between lexical tone perception and production.
Preliminary findings suggest that congenital amusia
and tone merging are inherently different.
Keywords: congenital amusia, tone merger, tone
perception, tone production, Hong Kong Cantonese.
1. INTRODUCTION
Congenital amusia (hereafter amusia), a lifelong
neurodevelopmental disorder, has been known to
impair musical pitch processing without brain injury,
and affect up to 4% of the population [2][22][23].
Apart from having difficulties making fine-grained
pitch discrimination [5], individuals with amusia
(hereafter amusics) also exhibited poor pitch memory
[8][27][28] and inferior musical pitch production
[3][10]. Previous studies have also observed a
transfer to the language domain, affecting speech
intonation and emotion prosody perception [11][19].
It has been found that amusics exhibited impaired
identification and discrimination of lexical tones in
Hong Kong Cantonese (HKC), especially for tone
pairs with small acoustic differences such as T2/T5
(high-rising/low-rising) and T3/T6 (mid-level/lowlevel) [25], and demonstrated deficits in cognitive

2. METHODS
2.1. Participants

A total of seventy-two participants were recruited
(Table 1), and were divided into five groups, namely
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Amusics, Partial mergers, Near merger, Full mergers
and Control in order to compare the difference
between amusics, mergers and controls. All the
participants were undergraduates in universities in
Hong Kong, with HKC as their native language with
no reported hearing impairment, communication
disorders and history of brain injury. The Montréal
Battery of Evaluation of Amusia (MBEA; see details
below) [21] was used to identify amusics, who had no
higher than 71% in the MBEA global accuracy. As
for the recruitment of tone mergers, an AX
discrimination task on lexical tones and a lexical tone
production task (see details below) were conducted. 2
phoneticians with HKC as native language were
asked to identify the T2, T4, T5 and T6 tones
produced by the participants (ĸ= .893, p< .001).
Participants who scored higher than 80% in
perceptually discriminating T2/T5 but failed to reach
80% in producing the T2/T5 contrast distinctively
were classified as ‘partial mergers (PM)’; those who
had an accuracy below 80% in both discrimination
and production of T2/T5 were regarded as ‘full
mergers (FM)’; and those who scored over 80% in the
production of T4/T6 but below 80% in discrimination
were considered as ‘near mergers (NM)’. Controls
were participants that were neither amusic nor tone
mergers.

JVC HA-D610 stereo headphones binaurally at a
comfortable listening level.
2.2.2. Tone production task
The tone production task is identical to that reported
in [18]. It was administered before the tone
discrimination task to eliminate any priming effect.
The word stimuli used to elicit production were
syllable [fu] carrying six tones. The six syllables were
all meaningful words in HKC, and were embedded in
different positions in two carrier phrases: [ŋɔ213 ji21/55
ka:55 tʊk2 __ tsi22] “I am reading the __ character”,
and [li55 kɔ33 tsi22 hɐi22 __ ] “This is the __ character”.
The twelve sentences (six syllables × two carriers)
were repeated ten times, generating 120 trials.
Participants were instructed to read the sentences out
loud naturally at a normal speech rate. The speech
outputs were recorded by PRAAT with a Shure SM48
microphone in a soundproof room. F0 measurements
were obtained at ten time points of the vocalic portion
of the target words (i.e., /u/). The F0 values were then
normalised within each speaker using the log-z score
method [24]. The analyses focused on the production
of the two rising tones (T2 and T5), and the following
acoustic parameters were calculated: F0 offset (F0 at
the 10th point), F0 slope (maximal F0 – minimal F0)
and F0 height (average F0 of ten time points),
following previous studies [7][12]. The difference
between T2 and T5 (T2 minus T5) in F0 offset, F0
slope and F0 height were obtained accordingly.

Table 1: Demographic information of the five
groups.

Amusics
Controls
PM : T2/T5[+per-pro]
NM : T4/T6[-per+pro]
FM : T2/T5[-per-pro]

N (M:F)
8:11
7:7
7:6
5:6
2:13

Mean age (SD)
22.05 (2.30)
24.60 (4.10)
20.92 (2.14)
22.09 (2.55)
21.07 (1.49)

2.2.3. Tone discrimination task
The tone discrimination task is also identical to that
reported in [18]. Again, the syllable [fu] carrying six
tones was used to control the syllable effect. The six
words were recorded in isolation by a female native
speaker of HKC. The target tones were extracted from
the recordings and normalized to 500ms in duration.
An AX discrimination paradigm was adopted. Two
tones were paired with an inter-stimulus-interval of
500ms. A total of 360 pairs were generated by
repeating 36 tone pairs (6 AA pairs and 30 AB pairs)
ten times. Participants were instructed to indicate
whether the tones presented were the same or
different and the response and reaction times (RT)
were collected. The d’ score of each tone pair (z score
of hit rate minus that of false alarm rate [15]) for a
total of 15 different pairs was calculated to indicate
the perceptual sensitivity. Only RT for correct trials
was included for analysis. All stimuli were again
presented in a soundproof room through JVC HAD610 stereo headphones binaurally at a comfortable
listening level.

2.2. Stimuli and procedures

2.2.1. Montréal Battery of Evaluation of Amusia
(MBEA)
The MBEA test consists of six subtests. Three are
pitch-oriented subtests (Scale, Contour, Interval), two
are rhythm-oriented (Rhythm, Metre) and one is
memory related (Memory) [21]. During the first four
subtests, participants were required to indicate
whether the two melodies presented were the same or
different, where the difference was either pitch or
rhythm. For Metre, participants had to indicate
whether a melody presented is a march or a waltz.
Lastly, during the Memory subtest, participants were
asked to answer whether they have come across the
presented melody in the previous five subtests. All
stimuli were presented in a soundproof room through
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Table 2: Normalized differences in F0 offset, F0
slope and F0 height between T2 and T5 in the
productions of five groups. [Mean(SD)]

3. RESULTS
3.1. MBEA

A group x subtests ANOVA with GreenhouseGeisser correction for sphericity violation was
conducted on the MBEA accuracies. Results showed
that there were significant main effects of group
(F(4,67)= 37.26, p< .001, ƞp2= .713) and that of task
(F(2.72,163.59)= 12.51, p< .001, ƞp2= .425) (Fig. 1).
No significant interactions were observed.

Amusics
Controls
PM
NM
FM

Offset diff
.54 (.49)
.75 (.38)
.25 (.24)
.47 (.34)
.10 (.24)

Slope diff
.11 (.09)
.14 (.09)
.05 (.04)
.09 (.06)
.04 (.05)

Height diff
.11 (.17)
.20 (.13)
.02 (.11)
.14 (.11)
-.01 (.11)

3.3. Tone discrimination task

Figure 1: Mean accuracy of six MBEA subtests and
Global score by 5 groups.

A group x tone pair ANOVA on the d’ scores with
Greenhouse-Geisser correction demonstrated a
significant main effect of group (F(4,67)= 10.77, p<
.001, ƞp2= .391), tone pair (F(5.81,389.48= 22.14,
p<.001, ƞp2= .248) and a significant group:task
interaction (F(23.25,389.48)= 4.48, p< .001, ƞp2=
.211) (Fig. 2).
Figure 2: D’ score of 15 tone pairs by 5 groups.

Post-hoc pairwise comparisons conducted to
analyse the group effect revealed that amusics
performed significantly worse than the three merger
groups and controls (ps< .001), while merger groups
performed comparably to controls. As for the subtest
effect, post-hoc analyses revealed that participants
scored higher in the Memory subtest than in the other
five subtests (ps< .006), and were inferior in Metre
than the other subtasks (ps.< .028) except for Interval
(p= .236). This indicates that among the six subtests
of MBEA, and the interval and metre subtests were
more difficult than the others.

Post-hoc analyses with one-way ANOVA showed
that amusics were less sensitive than the three merger
groups and controls toward the discrimination of
T1/T6, T2/T3, T2/T4, T3/T5, T3/T6, and T4/T5 (ps<
.05), and comparable to full mergers and near mergers
towards the discrimination of T2/T5 and T4/T6
respectively. Near mergers were less sensitive to
T4/T6 than controls (p= .006) while sensitivity to
other tone pairs were comparable. Similarly, full
mergers were less sensitive to T2/T5 compared to
other tone pairs (ps< .021).
As for RT of correct trials (Fig. 3), a group x tone
pair ANOVA revealed a significant main effect of
group (F(4,67)= 4.54, p= .003, ƞp2= .218) and tone
pair (F(5.49,356.53)= 32.99, p< .001, ƞp2= .337). The
interaction between tone pair and group was also
significant (F(21.95,356.53)= 3.82, p< .001, ƞp2=
.190). Post-hoc one-way ANOVA showed that near
mergers spent a significantly longer time to
discriminate two tones correctly across the board than
controls (ps< .030). Full mergers spent more time on
T2/T5 compared to on other tone pairs (ps< .012). No
other effects were significant.

3.2. Tone production task

A series of one-way ANOVA with group as a factor
were conducted on the F0 offset difference, F0 slope
difference and F0 height difference respectively. The
results showed that there was a significant group
difference in F0 offset difference (F(4,60)= 6.09, p<
.001), F0 slope difference (F(4,60)= 5.41, p<.001)
and F0 height difference (F(4,60)= 5.28, p= .001) of
T2/T5 (Table 2).
Post-hoc pairwise comparisons revealed that in all
three parameters, the amusics’ production of T2 and
T5 were comparable to that of controls. For all three
parameters, full mergers had significantly lower F0
differences than controls (ps< .002), so did partial
mergers (ps< .011), whereas the F0 differences
between the two groups were not significant.
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The correlation between musical and lexical pitch
sensitivity is consistent with a number of previous
studies where an influence from music to language
domain was found. For instance, it was found that
English musicians were better at discriminating
Mandarin Chinese tones than English non-musicians
[1], and that native speakers of Italian with higher
melodic ability were superior in detecting tonal
variation than their counterparts with lower melodic
ability [4]. As to why significance was reached only
in the MBEA Contour task but not the other two
pitch-related subtasks (i.e. Scale, and Interval), it has
been proposed that the processing of musical contour
and that musical interval is governed by two distinct
mechanisms [20][21]. While interval processing
relies on a more local representation, contour
processing is more global and ‘cognitively salient’
[26]. It is possible that during the lexical
discrimination task, some global processing was
involved in comparing the contour of stimuli (e.g.,
rising vs. level contour). It is also possible that since
the pitch difference in the MBEA Contour subtest is
larger than that in the Scale and Interval subtests, the
task difficulty was moderate, hence correlations, if
any, can be more easily detected. We are aware of the
null finding when regression analyses were
conducted separately, which suggests that the
significant regression with the five groups collapsed
was primarily driven by the inferior musical ability of
amusics. More investigations with a larger group
sample size are needed to ascertain such relationship.
It is also intriguing to observe that near mergers
demonstrated the longest RT during the tone
discrimination task, even for tone pairs where they
did not demonstrate perceptual insensitivity. This
suggests that the near merger group took a longer time
to discriminate tones correctly, resulting in the
comparably high sensitivity for most tone pairs to
controls. In an ERP study of poor perception
exhibited in the near merger group [13], the findings
suggested a top-down processing in speech
perception, where the listeners may rely on rich
contextual information in the recognition of lexical
items, and that acoustic input does not undergo
complete analysis, which potentially weakens their
sensitivity to speech sound distinctions, particularly
of small difference such as T2/T5 and T4/T6. It is
possible that near mergers may employ a longer
response time to compensate for the reduced acoustic
sensitivity in tone discrimination.
On the other hand, F0 analyses showed that the
amusics’ productions of T2 and T5 were comparable
to those of controls, demonstrating that the
production of lexical tones in amusics is more or less
intact, in contrast to their poor discrimination of
musical melodies and lexical tones. This result is

Figure 3: Reaction time for correct trials (in ms) of
15 tone pairs by 5 groups.

3.4. Relationship between musical tone perception and
lexical tone perception

Using the d’ score of all discrimination trials (overall
d’) as the dependent variable and the three pitchrelated MBEA scores as predictors, results showed
that 30.2% of the overall d’ sensitivity can be
predicted by the MBEA Contour task (p< .001),
suggesting that the higher accuracy in the Contour
task, the more sensitive one was in the lexical
discrimination task. However, no significance was
reached when regressions were carried out separately
for amusics and merger groups.
4. DISCUSSION
The current study compared amusics and tone
mergers in the perception of musical melodies and
lexical tones, and the production of lexical tones, with
an aim to understand the relationship between the
two.
As shown by analyses of MBEA, while amusics
were inferior to tone mergers and controls in their
musical ability, the three tone merger groups’ were
comparable to controls in discriminating musical
pitch in the three pitch-related subtests. This indicates
that tone merging could occur in the absence of
congenital amusia, suggesting a possible dissociation
between tone merging and amusia.
Analyses on d’ scores showed that near mergers
and full mergers demonstrated a highly selective
merging pattern, having only low sensitivity to T4/6
and T2/T5 respectively while leaving other tone pairs
spared, which is consistent with previous studies
[6][7][16]. Unlike tone mergers, amusics’ inferior
sensitivity was demonstrated in a wider range of tone
pairs, even on those pairs with large acoustic
differences such as T1/T6 and T4/T5, and they
performed similarly inferiorly to the full mergers in
the discrimination of T2/T5 and to the near mergers
in the discrimination of T4/T6.
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[24] Rose, P. 1987. Considerations in the normalisation of
the fundamental frequency of linguistic tone. Speech
Communication 6, 343-352.
[25] Shao, J., Zhang, C., Peng, G., Yang, Y., Wang, W. S.
Y. 2016. Effect of noise on lexical tone perception in
cantonese-speaking amusics. Proc. Interspeech 2016
San Francisco, USA.
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consistent with previous studies, which reported
intact lexical tone production in amusics [14][29]. It
is also consistent with the notion of tone agnosia,
namely that some amusics would exhibit
exceptionally poor lexical tone perception but retain
normal tone production [17] as well as higher tone
contour threshold than other amusics [9].
We are aware of the gender imbalance in some
groups, and that the controls were older than other
groups. Given the difficulty in recruiting participants
that fit our selection criteria, we had to include any
available appropriate participants during the study
period. Future study may investigate whether age and
gender play any role in the perception and production
of lexical and musical tone.
In conclusion, our findings of musical and lexical
tone perception plus lexical tone production in HKC
amusics, tone mergers and controls demonstrated that
congenital amusia and tone merging are likely to be
inherently different, and that the cause(s) of tone
merging lie(s) in factors other than impaired musical
pitch processing. Further investigations with a larger
sample size will be worthwhile.
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perturbation. What remains interesting is whether this
F0 height effect in pitch-shift responses would also
appear when it applies to tonal categories. Ning’s
research [11] on the level tone production of
Taiwanese Southern Min has shown that the
magnitude of the pitch-shift responses was related to
the degree of categorical perception. If the speakers
cannot categorically perceive the pitch differences,
they would not produce a corrective / compensatory
response under the auditory perturbation. In this
study, we followed the experimental protocol in Ning
[11] and examined the pitch-shift responses for the
three level tones in Cantonese (high, mid, and low) by
overlapping one lexical tone with another. Since tonal
changes contribute to meaning contrast in Cantonese,
we would expect larger corrective pitch-shift
responses in tonal word production when the desired
tone is shifted.

ABSTRACT
This paper investigates the vocal responses to
pitch perturbation for the three level tones in
Cantonese. Eight native Cantonese speakers were
recruited and asked to produce three Cantonese
words: si55-ji33 ‘be poetic,’ tsi33-ji33 ‘to greet,’ and
si11-ji33 ‘to signal.’ The three words had the same
mid-level tone on the second syllable but differed in
tone on the first syllable (thus abbreviated as HM,
MM, and LM). The pitch of the first syllable was
shifted for 200 ms, with ±350 cents for HM, +350/-50
cents for MM, and ±50 cents for LM. The
manipulation of the pitch-shift magnitude was to
overlap the shifted pitch with another lexical tone.
The results show that the largest pitch-shift peak
amplitudes were elicited when the H level tone of the
HM word was downshifted 350 cents to the M level.
This suggests that maintaining high level tone
requires more effort and thus a small deviation from
the target high pitch leads to larger compensation.

2. METHODS
2.1. Participants

Keywords: pitch-shift paradigm, compensatory
responses, high level tone, Cantonese.

Eight native Cantonese speakers (4 females and 4
males, aged 20 to 24) from Macaw were recruited. A
hearing test using an MAICO pure tone audiometer
(model MA 25) was administered to all the
participants. None of the participants reported a
history of voice disorders and all passed a hearing test
at 20 dB hearing level bilaterally at 250, 500, 750,
1000, 2000, 3000, and 4000 Hz. All the participants
gave informed consent and received financial
compensation for their time.

1. INTRODUCTION
The pitch-shift paradigm where an artificial change in
pitch (either upward or downward) was fed back to
speakers during vocalizations has been used to
investigate the online monitoring system in voice
production. Previous research has shown that
speakers typically compensate for the perturbation [2,
3, 7]. In other words, when the perceived pitch goes
down, speakers tend to raise their pitch; when the
perceived pitch goes up, speakers tend to lower their
pitch. This compensation (or pitch-shift response)
shows that an audio-vocal corrective mechanism is
employed in the internal model in order to minimize
the mismatch between the desired pitch and the actual
pitch [5, 6].
Recent research interest has focused on the pitchshift responses in different F0 heights [8, 9, 12]. All
these studies found that larger and faster pitch-shift
responses appeared at a high F0 voice compared to a
low F0 voice (using the sustained vowel /a/). This
suggests that high F0s which involve greater
laryngeal effort are more susceptible to pitch

2.2. Materials and procedures

The experimental protocol follows Ning’s study on
Taiwanese Southern Min [11]. There were three
sessions of recordings. In each session, the
participants had to produce one of the three
Cantonese words: si55-ji33 ‘be poetic,’ tsi33-ji33 ‘to
greet,’ and si11-ji33 ‘to signal.’ The three words are
minimal-like in a way that the second syllable has a
mid-level tone, but the first syllable carries a high,
mid, and low level tone, respectively. The three
stimuli were symbolized as HM (for si55-ji33), MM
(for tsi33-ji33), and LM (for si11-ji33).
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lexical tone (indicated as the solid arrows in Figure
2). No significant compensation was expected in
cases where the pitch-shifts did not change the tonal
categories (indicated as the dashed arrows in Figure
2).
In each recording session, participants were asked
to produce one of the three Cantonese words 60 times
(for example, uttering the HM word 60 times in
session 1, the MM word 60 times in session 2, and the
LM word 60 times in session 3). This leads to 180
productions in total per person. The order of the three
Cantonese words was counterbalanced. The shift
direction could be upward, downward, or no shift (as
a control). The order of three shift directions was
randomized so that the participants would not be able
to predict it.

An additional 10 native Cantonese speakers (5
females and 5 males) were recruited to estimate the
pitch differences between the level tones. They were
asked to produce each word ten times. The F0 value
of the first syllable was then converted into cents
using the formula in (1):
(1) cents = 1200*log2(f0/baseline)
where the baseline was the F0 value of the
corresponding second syllable.
The results of the 10 additional recordings show
that on average, the H level tone was 350 cents
higher than the M level tone, whereas the L level
tone was 50 cents lower than the M level tone.
The pitch perturbation paradigm is illustrated
in Figure 1. The waveform shows an example of
the disyllabic Cantonese word production. At 100
ms after production onset, the pitch signal in the
auditory feedback was shifted for 200 ms, without
smooth transition. In other words, only the first
syllable was affected by the pitch-shifts.

Figure 2: The shift magnitude and direction for
HM, MM, and LM. The solid arrows indicate the
shifted pitch overlaps with another lexical tone in
Cantonese. The dotted arrows indicate the shifted
pitch goes beyond the tonal category in Cantonese.
The red arrows stand for the perturbation in HM, the
blue arrows stand for the perturbation in MM, and
the green arrows stand for the perturbation in LM.

Figure 1: The pitch-shit stimulus design. The
pitch-shift signal in the auditory feedback appeared
at 100 ms after vocalization onset and remained for
200 ms. In other words, only the first syllable was
affected by pitch perturbation.

2.3. Data analysis
The pitch values were converted into cents using
the formula in (1), where the baseline is the mean F0
of the 100 ms pre-shift production. Only
compensatory responses were taken into account.
Following responses which had the same direction as
the pitch-shifts and non-responses which failed to
show the obvious compensatory or following pattern
were excluded prior to data averaging. The exclusion
rate was 22%. Difference waves were generated by
taking the difference between the upward/downward
shift and the control. The peak amplitudes and peak
latencies were then measured from the difference
waves. Repeated measures ANOVAs fitting the linear
model TONE (3 levels: HM, MM, and LM) x
DIRECTION (2 levels: upward and downward) were
performed on the difference waves. In order to

The magnitude of pitch perturbation was based on the
pitch differences obtained from the 10 additional
recordings. The H level tone in HM was shifted either
350 cents upward or 350 cents downward (see the red
arrows in Figure 2). The first M level tone in MM was
shifted either 350 cents upward or 50 cents downward
(see the blue arrows in Figure 2). The L level tone in
LM was shifted either 50 cents upward or 50 cents
downward (see the green arrows in Figure 2). These
pitch-shifts could trick the speakers into thinking that
they had made an error in tone production. We
hypothesize that pitch-shift responses would be larger
and the onset of the peak responses should be faster
when the shifted pitch was overlapped with another
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examine the DIRECTION effect, the absolute peak
amplitudes were used.

Note. The ‘>’ signs in the pairwise comparisons indicate
significance, while the ‘=’ signs indicate insignificance.

3. RESULTS

Figure 3: The absolute pitch-shift response peak
amplitudes (cents).

3.1. Peak amplitudes
The ANOVA results are summarized in Table 1.
There was a significant main effect of TONE
(F(2,42)=20.711, p<.001) and a significant main
effect of DIRECTION (F(1,42)=11.032, p<.01).
Post-hoc comparisons with the Tukey procedure for
controlling the 95% family-wise confidence level
show that larger peak amplitudes were elicited in HM
than in MM and LM. Word productions with
downward shifts also demonstrated larger peak
amplitudes than those with upward shifts.
A significant interaction between TONE and
DIRECTION was observed (F(2,42)=4.267, p<.05;
see Figure 3). Simple main effect analyses were
conducted at each level of TONE and each level of
DIRECTION. There was a significant DIRECTION
effect for HM (F(1,14)=9.342, p<.01), but not for
MM (F(1,14)=.188, p=.671) and LM (F(1,14)=2.414,
p=.143). In HM, downward shifts experienced larger
peak amplitudes than upward shifts, suggesting that
speakers were susceptible to pitch perturbation
particularly when the H level tone was overlapped by
the M level tone. On the other hand, simple TONE
effects were observed in both downward shifts and
upward shifts, where HM showed the largest peak
amplitudes.

3.2. Peak latencies
No main effects of TONE (F(2,42)=.978, p=.385) and
DIRECTION (F(1,42)=.077, p=.783) were found for
peak latencies. There was no significant interaction
between TONE and DIRECTION (F(2,42)=.059,
p=.942), either.
3.3. Planned comparisons
We conducted the planned comparisons on two
things: the perturbations between H and M level tones
(the blue solid up arrow vs. the red solid down arrow
in Figure 2), and the perturbations between M and L
level tones (the green solid up arrow vs. the blue solid
down arrow in Figure 2). The results show that
shifting H down to the M level tone (the red solid
down arrow) had larger peak amplitudes than shifting
M up to the H level tone (the blue solid up arrow)
(F(1,42)=21.93, p<.001). However, no significant
differences were found in the comparison of shifting
M down to the L level tone and shifting L up to the M
level tone. The findings suggest that the H level tone
is special in speech motor control and overlapping H
with the M level tone gives rise to a larger
compensatory / corrective response.

Table 1: The ANOVA results for the peak amplitudes
Factor

Statistics

Pairwise
comparison

TONE

F(2,42)=20.711, p<.001

HM > MM = LM

DIRECTION

F(1,42)=11.032, p<.01

DOWN > UP

TONE x
DIRECTION

F(2,42)=4.267, p<.05
DIRECTION effect for HM:
F(1,14)=9.342, p<.01

DOWN > UP for
HM

DIRECTION effect for MM:
F(1,14)=.188, p=.671

DOWN = UP for
MM

DIRECTION effect for LM:
F(1,14)=2.414, p=.143

DOWN = UP for
LM

TONE effect for downward:
F(2,21)=15.44, p<.001

HM > MM = LM
for DOWN

TONE effect for upward:
F(2,21)=5.94, p<.01

HM > LM
HM = MM
LM = MM
for UP

4. DISCUSSION
This study investigates the compensatory pitch-shift
responses for the three level tones in Cantonese.
Compensation which appears when there is a
mismatch between the expected pitch and perceived
pitch has been claimed as a corrective mechanism in
the internal model. The purpose of the compensation
is to reduce the perceived error. Our results show that
shifting H to the M level tone had the largest
compensatory responses.
Our initial expectation was that larger pitch-shift
responses would appear when the perceived pitch had
been overlapped with another lexical tone in
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High level tone is special. Larger compensatory
responses were observed when the H level tone was
masked by the M level tone. This suggests that our
audio-vocal mechanism aims at maintaining and
stabilizing high frequencies.

Cantonese (i.e., the solid arrows in Figure 2).
However, in our data, larger compensation was only
seen in the downward shifts of H in HM. This
corresponds to the previous studies which argue for
greater pitch-shift response amplitudes at higher F0
levels (using a sustained vowel /a/) [8, 9, 11]. It seems
that the H level tone involving higher laryngeal
muscle effort is special. The audio-vocal control
mechanism is sensitive to the unexpected changes
that are linguistically meaningful. Therefore, shifting
the H tone 350 cents down triggers large pitch-shift
responses to compensate the perceived errors during
word production. The lack of significance in the
upward shift of H in HM can be attributed to the fact
that it lies outside of the tonal category range in
Cantonese. Thus, the audio-vocal mechanism ignores
the linguistically non-meaningful pitch change.
Consider the M level tone in MM and the L level
tone in LM. No significant DIRECTION effect was
observed. It appears that the M level tone and L level
tone are close in pitch (with only 50 cents difference)
Acoustically, it may not be easy for listeners or
speakers to differentiate the M and the L. Therefore,
a small pitch shift (50 cents) on the M level tone or
the L level tone has no effect on the audio-vocal
corrective system. What remains unknown is why
shifting M to the H level tone (350 cents) did not
generate a larger compensatory response. We argue
that like in Taiwanese Southern Min [11], the M level
tone in Cantonese could be less categorically
perceptible. The less degree of categorical perception
could make it less susceptible to pitch perturbation.
In general, downward shifts lead to larger pitchshift responses than upward shifts. This has been
evidenced in many previous research [1, 4, 10]. The
cause is still unknown. We speculate that the audiovocal mechanism is designed for stabilizing high F0
and maintaining the high target. Therefore,
downward shifts deviating from high target
frequencies give rise to larger responses, while
upward shifts enhancing the frequencies are favoured
and are not regarded as errors.
Overall, compensatory responses have been
claimed to be a corrective mechanism that is used to
modify the mismatch between the expected motor
output and the actual perceived or sensed output [5,
6]. The compensatory pitch-shift responses typically
are no larger than the magnitudes of pitch-shifts and
are tuned for small perturbations. The results in the
present study adds to our knowledge that the degree
of compensation does not only depend on the physical
properties of the pitch-shifts (such as the shifted
magnitude) but also on the linguistic meaning.
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that T5 was approaching T2. [13] reported a similar
tendency among young speakers whose production of
T5 was most variable but remained distinct from T2,
suggesting a preliminary tonal change. [7] claimed
further that young HK Cantonese speakers have
merged the two rising tones into a new category with
a pitch offset as high as T2 and a contour slope as mild
as T5.

ABSTRACT

Hong Kong (HK) Cantonese contains rich tonal
contrasts with some having been reported merging,
which calls for empirical investigation across social
dimensions. This study examines production of a
contrast between two rising tones (the high rising tone
T2 vs. the low rising tone T5) in HK Cantonese by
native speakers in various age groups. We analysed
tonal correlates of syllables contrasting the two tones
in an utterance produced by 50 speakers. A change is
observed in production of T2 but not T5, which
appears affected significantly by age. Our youngest
group has distinct ranges of pitch offsets of T2
compared with tones produced by speakers in their
50s and up, while the middle group’s production
shows an intermediate pattern. Moreover, gender
seems to modulate the age factor to some extent.

Figure 1: Time-normalised F0 contours of six tones
in HK Cantonese, extracted from recordings
available on [8].

Keywords: tone production, tone merger, Hong
Kong Cantonese, age effect, gender difference
1. INTRODUCTION
Hong Kong (HK) Cantonese has a rich repertoire of
tone contrasts [1], as listed in Table 1.
Table 1: Illustration of Cantonese tones.

Tone
1
2
3
4
5
6

Name
high level tone
high rising tone
mid level tone
low falling tone
low rising tone
low level tone

It is noted that tone merger reported earlier was
only among the young generation, while production
of other age groups is not examined. However,
different linguistic behaviours of the young may be
ambiguous as such behaviour could signal language
change or the youth’s non-conformity with social
norms. Disambiguation, then, requires further
investigation of tone production in longitudinal
studies or at least among more age groups.
Additionally, factors like gender may contribute to
phonetic variations in HK Cantonese [3].
To identify the occurrence of any tonal change, an
investigation on tone production across social groups
is warranted. We then set out to answer whether there
is any phonetic change in the production of T2 and T5
in HK Cantonese. If the answer is yes, then is the
merger still in progress or completed? Is the pattern
of change universal or different across social groups?

5-point notation
55
25 or 35
33
21
23 or 13
22

Some tone pair or triplet, T2-T5, T3-T4-T6, are of
comparable contours distributed in similar pitch
contours (Figure 1). Theoretically speaking, the high
number of tones in a packed tonal space provides
motivation for tonal change such as tone merger [4].
In fact, merger of the high rising tone T2 and the low
rising tone T5 has been observed among young
speakers [4, 7, 13]. [4] investigated tones produced by
native speakers aged 20-35 years old and proposed
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than the sound assessed than carrier phrase elicitation
where the target syllable usually does not contribute
to the meaning of the sentence. Our stimulus is
familiar among HK Cantonese speakers as an
illustration of Cantonese tonal system, and speakers
would attend to tone difference by nature in
connected speech. Finally, tones are difficult to
differentiate in isolation without other linguistic
information [11], and all six lexical tones presented in
one phrase would help speakers adjust their pitch
range to produce more accurate relative pitch. Each
speaker was required to produce the phrase twice.

2. METHOD
All the data used in the current paper were speech
recorded as part of student group projects in an
undergraduate course. Different from [4, 7, 13], we
did not pre-select speakers by the occurrence of tone
merger. Our speakers were recruited by students on a
voluntary basis. All participants gave written consent
to have their speech recorded and used for the course
and further analysis, and their demographic and
linguistic information collected in a language
background questionnaire. The total pool contains
172 valid talkers, but only 50 of them are included in
this paper. The selection criteria are stated in Section
2.1 below.

2.3. Data processing

After data collection and consolidation, a preliminary
manual check was carried out. Except for four
speakers, each speaker gave two clear repetitions of
the target phrase, providing in total 192 tokens for
analysis. Transcription and segmentation were
completed by trained transcribers who are native
speakers of HK Cantonese. We then extracted and
measured pitch correlates of the rhyme only in each
syllable. Using ProsodyPro [16] in Praat [5], we
marked 10 equidistant points automatically and
extracted F0 values within 50 Hz and 650 Hz. Manual
verification of extraction was carried out to ensure
that the first and the last points of the target was the
beginning and end of periodicity within the target
rhyme.
Values obtained at the first 2 points and the last
one (points 1, 2, 10) were excluded to avoid
perturbation or creakiness caused by preceding and
following consonants, as well as to avoid syllableedge effects [6]. Therefore, point 3 in the contour
would be defined as the new onset, and point 9 the
new offset (in Figure 2 of Section 3). Then, F0 values
at these 7 points were standardized into z-scores (Z)
using speaker-specific means and standard
deviations. A pitch slope was calculated using the
following method: (Zoffset – Zonset) / duration. However,
since the 10-point extraction already provided timenormalised value, the slope would therefore be
simplified as pitch range: Zoffset – Zonset.
In order to compare pitch correlates of tokens
across groups, three linear mixed effects models built
using the lme4 package [2] in R [14] were fitted. In
each model, z-scores of onset, offset or pitch range
were treated as the dependent variable, whereas age
(3 groups), gender (2 groups) and tone type (2 groups)
were entered as fixed variables, with T2, female and
the young group set as reference levels. In addition, a
three-way interaction of variables above was entered
in the model. Different speakers were treated as the
random intercept. In order to compare main and
interaction items, anova function was used. P-values

2.1. Participants

Fifty speakers selected out of 172 were all ethnically
Chinese, born and raised in Hong Kong. They all selfreported Cantonese as their native language and
spoke no other native-like language than Cantonese
and English. In addition, their parents spoke
Cantonese as (one of) their daily language(s) in Hong
Kong. The rest 122 that did not meet either of the
above criteria were excluded from the analysis.
Among all 50 speakers, 33 were female and 17
were male. Their age ranged from 10-88 (M = 37, SD
= 18): 13 speakers in the young group aged 25 and
below, 21 in the middle group aged 26-50, and the
rest 16 in the senior group were from 51-88.
2.2. Materials

To include all lexical tones in one short utterance, our
speech elicitation used a meaningful phrase
composed of 6 syllables each bearing a different
lexical tone (as shown in Table 2).
Table 2: Transcription and gloss (CN: Cantonese).
CN

三

碗

細

牛

腩

麺

IPA

saːm

wun

sɐi

ŋɐu

nam

min

Tone

1

2

3

4

5

6

Gloss

three

bowl

small

beef

belly

noodle

The current study employed a phrase utterance for
three reasons apart from the relative easiness as
coursework assigned to students as naïve data
collectors. First, there has been few findings on tone
mergers in HK Cantonese that used phrase elicitation,
as most previous studies used syllables produced in
citation forms in isolation or in a carrier sentence.
Second, sentence elicitation would be more casual
and closer to natural speech [10] where speakers
would pay more attention to the meaning expressed
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were obtained using the lmerTest package [9].
Multiple comparisons were calculated by using the
emmeans function in the emmeans package [12] with
Tukey adjustment where significance was shown.

in tone, there is no significant difference in gender or
age, or any interaction effects (all F < 1.0, p > .36).
Linear mixed effects analysis performed on the
offset z-scores shows significant differences for T2
and T5 (F = 367, p < .001), indicating that pitch
offsets of the two tones are different. Statistics reveals
that gender does not seem to affect such difference in
tone production (F = .23, p > .6), but that age
contributes significantly to the variation in pitch
offsets (F = 4.02, p < .02). There is also a significant
effect of the age and tone interaction (F = 10.11, p <
.001), which will be further analysed in Section 3.2,
but no other significant interaction is found (age *
gender: F = .14, p > .86; gender * tone: F = .57, p >
.57; age * gender * tone: F = 2.34, p = .1).
Linear mixed effects analysis performed on the
pitch slope shows significance for tone factor (F =
6.00, p < .01), indicating a difference between the two
tone slopes. Age is found to contribute significantly
to the difference (F = 6.13, p < .005). Interaction
terms between age and tone, as well as the three-way
interaction among age, gender and tone both
contribute significantly to the differentiation of two
slopes (F = 41.67 and 3.61 respectively, p < .001 and
.05), which will be further elaborated in Section 3.2
and 3.3 below.

3. RESULTS
Firstly, F0 contours of the high rising tone T2 and the
low rising tone T5 were found in distinct patterns
from each other, as shown in Figure 2 below. Recall
that our speakers were recruited in a quasi-random
manner. These patterns suggest that T2 and T5 are
largely in separate categories in contemporary HK
Cantonese, which echoes findings in [13]. Secondly,
offsets of T2 and T5 seem to be drawn apart from
each other at various extents across groups. Thirdly,
corresponding to the offset variation, slopes of T2
appear in different degree of steepness across groups.
In the senior group, the offsets are closer to those of
the high level tone (T1), which is shown as references
in Figure 2 as they remain static across all groups. But
as age decreases, the slope would become gentler and
therefore T2 offsets move further away from T1,
resulting in a near parallel contour as T5 in the middle
and young groups.

3.1. Age effects

Figure 2: F0 contours of T1, T2 and T5 across age
and gender groups, using loess regression.

As there have been no significant age factors
contributing to the difference found in the onset of T2
and T5, no pairwise comparison was run.
However, given the significant difference in pitch
offsets of the two lexical tones produced by different
age groups, a pairwise comparison using Tukey
adjustment was carried out. It reveals that the young
group is significantly different from the senior group
(t = -4.07, p < .02), while there is no significant
difference between the young and the middle, or the
middle and the senior groups (both |t| < 2.0, p > .1).
Pairwise comparison on the slopes shows that the
young and the senior groups are significantly
different in terms of pitch slopes (t = -3.41, p < .005),
but no difference is found between the young and the
middle groups (t = -.8, p = .70) or the middle and the
senior groups (t = -2.4, p = .06).

Linear mixed effects analysis performed on the
onset Z-scores shows significant differences for T2
and T5 (F = 169, p < .001), indicating that the pitch
onsets of the two tones may not be the same. This
pattern suggests that the tone notation under the 5point scale, of T2 as 35 and of T5 as 13 differing in
pitch onsets might be more faithful to contemporary
tone articulation in HK Cantonese (Analysis using all
10 points of F0 extracts yields similar pitch contours
and ranges). Other than the significant effects shown

3.2. Age and tone interaction

As there has been no significant interaction found in
T2 and T5 onsets, no pairwise comparison was run.
Due to significant interactions found in the two
tone offsets, a pairwise comparison was carried out.
The results show that T2 offsets by the senior group
would differ significantly from those by the young
group (t = -4.82, p < .001) and by the middle group (t
= -3.08, p < .07), but no difference is shown between
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offsets by the young group and by the middle group
(t = -1.47, p = .31). While comparing T5 offsets, three
groups show similar performance (all |t| < .4, p > .9).
This indicates that any change in the pitch offset is
more likely to start with T2, as we found speakers of
the young and the middle groups have lowered their
F0 in the offset, while senior speakers maintain a
higher F0, which is different from findings in [4, 13]
that T5 is merged with T2. However, comparison
within age groups shows that all three groups have
distinctive pitch offsets between T2 and T5 (all t >
8.8, p < .001). This suggests that T2 and T5 may have
remained distinctive from each other, even though the
categorical difference is shrinking among the young
group, similar to findings in [13].
There is also a significant interaction between age
groups and tones in terms of slopes, therefore, a
pairwise comparison was carried out. In terms of the
T2 slope, the senior group performs significantly
different from the young group (t = -5.22, p < .001)
and the middle group (t = -2.68, p < .05), but no
difference is observed between the young and the
middle groups (t = -2.22, p = .07). In terms of the T5
slope, all three age groups show similar results (all t
> .9, p > .6). Comparison within three age groups
shows that although the young and the senior groups
still have distinctive slopes in T2 and T5 (t = -2.45
and 3.62, p < .05 and .001), the middle group has
similar slopes for the two tones (t = 1.50, p = .13).

4. DISCUSSION
We collected and analysed speech production by
native speakers of HK Cantonese in a wide range of
age groups. The pitch tracks suggest that the high
rising T2 and the low rising T5 are in general kept as
distinct categories. The contrast pattern, however,
appears to vary across groups.
First, the main difference is observed in the offset
and the slope. Onsets of T2 and T5 are comparable in
all groups. The offset, however, varies greatly with
T2 ending much closer to that of the high level tone
T1 in the senior group’s production, whereas the
offset of other two groups’ T2 is drawn away from
that of T1. Thus, age seems to be most influential in
the variation of T2 production, with the senior
speakers maintaining a steeper slope than the young.
Secondly, tonal difference in the onset may be
informative in confirming using 35 for notation of the
high rising tone (T2) in HK Cantonese. However, the
mid-to-high F0 track could be attributed to
progressive assimilation of tones: in the reading
material, the syllable preceding T2 bears a high level
tone, which may give the onset of T2 a boost.
Thirdly, in the middle group and the young
females, production of the two tones shows a reduced
contrast than the senior or young males, which reveals
gender effects in speech variation. The young females
may be more sensitive to new trend in speech while
the young males are yet to pick up such change.
The tonal variation between the young and the
senior, however, should be interpreted with caution.
It could be an indication of a change in progress in the
high rising tone, as a space packed with tones of
comparable contours may have provided motivation
and ground for tonal change. The variation could also
be a long existing age-grading phenomenon [15],
with the young being more resistant to the social
norms to produce distinct T2 and T5 contrast. This
would require a real-time study to confirm.
Our study discovers two robust cues, F0 offset
and slope, to the tonal contrast across the social
groups in contemporary HK Cantonese. Our findings,
however, are not sufficient to conclude on a change
as suggested in previous literature. It may be safe to
propose a shrink in tonal contrast between two rising
tones among the young. Further disambiguation
requires a perceptual assessment to see whether
reduction of tone distinction will lead to the confusion
in perception and thus contribute to further sound
change. Future research could correlate perception
with production along social dimensions to attest our
findings of a tendency in merging the rising tones in
Cantonese.

3.3. Age, gender and tone interaction

Since no three-way interaction was found in the onset
and the offset of two tones, no pairwise comparison
was done.
Within-tone comparison of the slopes of T2 and
T5 shows that both genders perform similarly with
age and tone interaction (all |t| < .96, p > .3). Same as
what we found in Section 3.2, T2 slopes are clearly
contrasted between the young and the senior groups
for both genders (both |t| > 4.0, p < .002), but no
difference would be shown between the rest groups
(all |t| < 1.8. p > .1). For T5, age and gender do not
contribute to any significance (all |t| < 1.7, p > .22).
However, gender effects were observed in cross-tone
comparison of slopes produced by different age
groups. The young male and the two senior groups
have kept two distinct slopes of two tones (all |t| >
2.10, p < .04), but within the two middle groups and
the young female group, the tonal contrast between
T2 and T5 seems to be shrinking (all |t| < 1.01,
p > .29). This may indicate a gender effect within the
young group, that young male speakers assimilate the
speech style of the more senior groups more than their
female counterparts, and the female speakers would
likely be leading the change.
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How does phonetics interact with phonology during tone sandhi?
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ABSTRACT

whether the phonological system affects the phonetic
interaction of consonant and f0.
Shanghai Wu, a northern Wu dialect of Chinese,
offers a good study case for this research question.
Shanghai Wu has five lexical tones, which can be
described by three features [27]: F0 contour: falling
(T1) and rising (T2-T5); Tonal register: high (T1, T2,
T4) and low (T3, T5); and Duration: long (T1-T3) and
short (T4, T5). They exhibit interesting co-occurrence
patterns with both the onset and coda of the tonebearing syllable. Syllables with voiceless onsets only
allow tones that start in the high register, i.e. T1, T2
and T4; while voiced onsets co-occur with tones that
start in the low register, i.e. T3 and T5. Interestingly,
the sonorant consonants could occur with both high
register tones and low register tones. Furthermore, the
short tones (i.e. checked tones) only co-occur with
glottal-closed syllables, while the long tones (i.e.
smooth tones) co-occur with open syllables or nasalclosed syllables. The co-occurrence restrictions on
tonal categories with consonants and syllable
structures are illustrated in Table 1.

This paper investigated the phonetics and phonology
of consonant–f0 interaction in Shanghai Wu. Bisyllabic compound nouns, which form tone sandhi
domain, were elicited within template sentences with
two factors controlled: lexical tones (T1[HM],
T3[LM], T5[LMq]) and consonant types (obstruents
& nasals). Results showed that although the base tone
contrast of the second syllable is neutralized by
phonological tone sandhi rules, the onset f0 of the
second syllable with low tones (T3) is significantly
lower than that with high tone (T1). Furthermore,
such difference cannot be just attributed to the
consonant perturbation, because it also exists when
the consonant (i.e. /m/) is the same for all three tones.
Therefore, we propose that speakers voluntarily
control their articulatory settings, so as to maintain
the laryngeal contrast of the second syllable. The
observed f0 pattern is the product of the interaction of
phonological rules and phonetic mechanism.
Keywords: f0 perturbation, tone sandhi, Shanghai
Wu
1. INTRODUCTION
It is well-known that obstruents affect the
fundamental frequency (f0) of the following vowel.
In non-tonal languages, f0 is higher following a
voiceless obstruent than following a voiced one
[7][17]. In tonal languages where f0 differences
indicate lexical contrasts, such an influence is often
manifested as co-occurrence restrictions between
tone and the onset consonant of tone-bearing syllables
[4]. Normally, voiced obstruents tend to occur with a
low tone while their voiceless counterparts occur with
a high tone [8-9]. Therefore, the interaction of f0 and
obstruent onset is governed by the phonological rules
in tonal languages while it is controlled by phonetic
mechanism in non-tonal languages. Over the past
decades, many studies have been done to investigate
the mechanisms of consonant articulation that
account for the local f0 perturbation, i.e. the phonetic
mechanism [10-12][16][18-19] or the extent to which
consonant–f0 interaction has been exaggerated or
restrained beyond physiological necessity, i.e. the
phonological effect [13-15]. However, there has been
little study on the possible link between the two levels:
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Table 1: Co-occurrence restrictions on tonal
categories with consonants and syllable structure.
The number in the square brackets is the value of
citation tones in Shanghai Wu (using Chao’s fivelevel numerical scale, which divides a speaker’s
pitch range into five scales with 5 indicating the
highest and 1 the lowest).
Consonant
Obstruent
Sonorant
voiceless
voiced
type
(nasal & labial)
CV(ŋ)
T1[53], T2[34] T3[13] T1[53], T2[34], T3[13]
CVʔ
T4[55]
T5[12]
T4[55], T5[12]

Furthermore, when syllables are combined into
words or phrases, lexical tones undergo sandhi
changes in Shanghai Wu [3][5][25-28]. The general
consensus is that given a sandhi domain, the tonal
contours of non-initial syllables never surface, and
the tone of the first syllable determines the f0 contour
of the whole domain. Specifically, in T1-T4 groups,
the first syllable within the sandhi domain remains its
base tone and assigns them to the following syllable,
which is known as tone rightward spreading. In T5
group, the tonal contour of the first syllable is shifted
to the final syllable and the previous syllable is
assigned with [L] tone, which is known as tone
shifting rule [27, 28]. The tone sandhi rules of the

disyllabic groups are illustrated in Table 2. As we can
see, in disyllabic groups, the f0 contour of the first
syllable (S1) becomes high-level (T1, T2, T4) or lowlevel (T3, T5), reflecting its register feature; the base
tone contrast of the second syllable (S2) is neutralized
and its tonal target is assigned by the base tone of S1.
Take T3+X group for example, the f0 contour of S2
is high level, no matter its base tone is high register
or low register. In other words, the co-occurrence
restrictions between tone and onset consonant no
longer holds. Here arise our research questions:
(1)
In a disyllabic group, if the f0 contour of S2,
which is determined by the phonological tone sandhi
rules, is incompatible with its base tone (or its
corresponding onset consonant), would the base tone
of S2 affect the f0 implementation of sandhi tone? In
other words, would the consonant-f0 interaction take
effect during the tone sandhi process?
(2)
If so, would the influence be attributed to
purely automatic results of consonant production (i.e.
consonant-f0 interaction) or be due to the phonetic
implementation of the phonological feature contrast
(i.e. register contrast)? If it is purely caused by the
phonetic production of consonants, the perturbation
would be found only in the syllable with a plosive
onset, otherwise, it would appear in both consonant
types.
(3)
According to the previous studies on the f0
perturbation effect in Standard Chinese [23] and
Cantonese [6], f0 perturbation is conditioned by the
f0 level in that lower-range f0 accommodating greater
magnitude and/or greater extent of consonant–f0
perturbation. Would the pitch context (the tonal
targets of S1 or S2) affect the f0 perturbation effect in
Shanghai Wu?

combinations ([plosive+plosive], [plosive+nasal],
[nasal+plosive] and [nasal+nasal]), as shown in Table
3. These stimulus words were embedded in the carrier
sentence:/ŋu3 kaŋ2 X gəʔ5gəʔ zɿ3/（I said X this word）
Table 3: Stimuli

Nasal
MonoPlosive
X+High
tone

T1 group
1
1
/mɔ /
/ma /
cat
mum
/pɔ1/
/pa1/
a surname
dad
1
1
/mɔ ma /
1

DiX+low
tone

1

1 1
/mɔ pa /
1

1

T3 group
3
3
/mɔ /
/mo /
hair, fur
horse
/bɔ3/
/dɔ3/
a surname
peach
3
1
/mo ma /
3

1

T5 group
5
5
/moʔ /
/maʔ /
wood
socks
/boʔ5/
/diʔ5/
thin
flute

3 1
/mo pa /

5
1
/moʔ ma /

5 1
/moʔ pa /

3

5

1

1

/pɔ ma /

/pɔ pa /

/bɔ ma /

/bɔ pa /

/boʔ ma /

/boʔ5pa1/

/mɔ1me3/

/mɔ1di3/

/mo3mɔ3/

/mo3dɔ3/

/moʔ5mɔ3/

/moʔ5dɔ3/

1
3
/pɔ mɔ /

1 3
/pɔ dɔ /

3
3
/bɔ mɔ /

3 3
/bɔ dɔ /

5
3
/boʔ mɔ /

5 3
/boʔ dɔ /

2.2. Subjects and Recording procedure

4 male speakers between 25 to 35 years old, born and
raised in Shanghai urban areas, participated in the
study. They were paid for their participation and none
of them reported any hearing, vision, or reading
deficiencies.
The recording was conducted in the soundproof
booth at Tongji University. Participants were seated
in front of the computer and were asked to read aloud
the target sentence naturally. The sentences were
presented in PowerPoint slides in random orders.
Every participant read the material three times. So,
we got 36 words* 4 speakers *3 times=432 tokens.
2.3. Labelling and Measurements

The acoustic analysis was performed in Praat [2]. The
onset and offset of vowels were manually labelled by
referring to the change of F2 in the spectrogram. Then
the Praat script “ProsodyPro” [22] was run and
automatically provided us with accurate f0 tracks
using a method that combines automatic vocal pulse
marking by Praat, a trimming algorithm that removes
spikes and sharp edges and a triangular smoothing
function (cf. Appendix 1 in [23]).
Subsequently, the f0 measurements in Hz were
converted to semitone relative to 50 Hz using the
formula in (1) to better reflect pitch perception [21].
Formula (1) relates frequency in semitones, F, to
frequency in Hz, f:
(1)
F=12*log2(f/50)
Linear Mixed-Effects models (using the lme4
package) were used to investigate how f0, duration
and intensity were affected by syllable position, base
tone and consonant type. All statistical analyses were
carried out in R version 3.3.2 [20] using the lme4
package version 1.1-12 [1].

Table 2: Tone sandhi rules in Shanghai Wu

Register Tonal group Sandhi tone
Sandhi rules
T1[53]+X
55+31
High
T2[34]+X
33+44
Tone spreading
T4[55]+X
T3[13]+X
22+44
Low
T5[12]+X
11+13
Tone shifting

2. METHODOLOGY
2.1. Stimuli

The stimuli consist of (1) 12 mono-syllables with
three lexical tones (T1[HM], T3[LM] and T5[LMq])
and two consonant types (plosives and nasals), as
shown in Table 3; and (2) 24 disyllabic compound
nouns [modifier+noun], including 6 tonal
combinations (T1+T1, T1+T3, T3+T1, T3+T3,
T5+T1 and T5+T3) and 4 types of consonant
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the f0 contours of S1 and S2 become low-level and
low rising, respectively.
Within the disyllabic group, although S2 loses its
base tone contrast and their f0 contours converge
together, there are differences in the onset f0 of S2.
Specifically, the onset f0 of S2 with high base tone
(i.e. T1) is higher than those with low base tone (i.e.
T3), which indicates that although the tonal targets of
S2 are assigned by the base tone of S1, the register
contrast is partially retained and is reflected through
the onset f0 of S2. Furthermore, the difference
magnitude is larger in T1 and T3 groups, but is quite
small in T5 group.

3. RESULTS
3.1. General description

The time-normalized f0 contours (with 10 equidistant
points) for mono-syllable (the left column) and
disyllabic words (the two columns on the right) are
given in Figure 1. The f0 contours within each row
are organized by the same base tone of the initial
syllable. Taking the first row for example, the f0
contour of the first column is the time-normalized f0
of mono-syllable with T1, averaged across 4 stimuli,
4 speakers and 3 repetitions. The f0 contours of the
right column are the time-normalized f0 of the
disyllabic groups, including 2 tonal combinations:
X+T1 (red), X+T3 (green).

3.2. Statistical analysis

In order to investigate the link between phonetics and
phonology during the tone sandhi process, the
statistical analyses were carried out in two steps.
First, the linear mixed effects modals were
constructed on the onset f0 and offset f0 of each
syllable in disyllabic groups respectively, with the
base tone of S1, S2 and their interaction as fixed
factors, and with repetition and subject as random
factors. The results are summarized in Table 4, which
shows that:
With regard to S1, the base tone of S1 has
significant effects on the onset f0 and offset f0, while
the base tone of S2 has no significant effects.
Specifically, the onset and offset f0 of T3 and T5 are
significantly lower than those of T1, and the offset f0
of T3 and T5 is even lower than their onset f0, which
confirms our observation above that the f0 contours
of S1 in T3 and T5 groups are low slightly falling
while that of T1 is high level.
With regard to S2, the base tone of S1 has
significant effects on its onset f0 and offset f0, which
indicates that in a disyllabic group, the f0 contour of
S2 is determined by the base tone of S1. Comparing
to T1 group, the onset f0 of S2 in T3 and T5 groups
is significantly lower, especially in T5 group; while
the offset f0 of S2 in T3 and T5 groups is significantly
higher. This result confirms our observation above
that the f0 contour of S2 is high-falling in T1 group,
is high-level with a rising part at the beginning in T3
group, and is low rising in T5 group. Furthermore, the
base tone of S2 had significant effects on the onset f0
of S2, as the onset f0 of S2 with a low base tone (i.e.
T3) is significantly lower than that with a high base
tone (i.e. T1), which echoes the results in Chen [4].
Furthermore, although the interaction of the two base
tones (i.e. tones of S1 and S2) is not significant, we
still can see that the lowering effect induced by the
low register of S2 is less significant in T5 group, if
comparing to that in T1 and T3 groups, which
confirms our observation above.

Figure 1: The time-normalized f0 contours of
mono-syllable and disyllabic groups. S1 and S2
stand for the 1st and 2nd syllable of the disyllabic
groups respectively. “Tone” stands for the base tone
of each syllable, red for T1, green for T3 and blue
for T5.

From Figure 1, we can see that in mono-syllable,
T1 is a high-falling tone, starting from the top of the
tonal register and falling until the middle of the
register. T3 and T5 are both low-rising tones, but the
f0 rising slope and f0 excursion size of T3 are larger
than those of T5. In the disyllabic groups, tone sandhi
is undertaken as expected. Within each group, the f0
contours of S1 become high-level or low-level,
depending on their base tone register; while the f0
contours of S2 converge together, regardless of their
different base tones. Specifically, in T1 group, the f0
contour of S1 becomes high-level and that of S2
becomes high-falling. In T3 group, the f0 contour of
S1 becomes low-level and the f0 contour of S2 is high
level with a rise at the beginning part. In T5 group,
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Such results indicate that although the base tone
contrast of S2 is neutralized by tone sandhi process,
the pitch register contrast of S2 is partly maintained
and reflected on the onset f0. However, the f0
perturbation is caused by the pure phonetic
production of consonants or is due to the phonetic
realization of phonology feature, which will be
investigated in the following section.

great magnitude and longer extension in lower-range
f0 environment, i.e. T3/T5 group in our study.
However, the f0 perturbation pattern in nasal group
shows an opposite trend, in that it is more significant
in higher-range f0 environment, i.e. T1 group.
Obviously, the f0 perturbation in nasal group is not
caused by consonant-f0 interaction, and that’s why
they have the opposite pattern from the plosive group.
However, further reasons still need more
investigation.

Table 4: The results of onset and offset f0 in both
syllables in disyllabic groups

Figure 2: The effects of the register of S2 on the
onset f0 in different tonal groups.

offset f0

S1
(Intercept)

Estimate

Std. E

t

p

Estimate

Std. E

t

p

22.987

0.661

34.758

0.000

24.079

0.676

35.619

0.000

S1(T3)

-11.016

0.431

-25.576

0.000

-13.877

0.489

-28.394

0.000

S1(T5)

-11.709

0.431

-27.186

0.000

-14.344

0.489

-29.349

0.000

S2(T3)

-0.300

0.431

-0.697

0.486

-0.211

0.489

-0.433

0.665

S1(T3):S2(T3)

0.776

0.609

1.274

0.203

0.388

0.691

0.562

0.574

S1(T5):S2(T3)

-0.218

0.609

-0.357

0.721

0.632

0.691

0.915

0.360

S2

Estimate

Std. E

t

p

Estimate

Std. E

t

p

(Intercept)

20.545

0.809

25.385

0.000

12.412

0.715

17.370

0.000

S1(T3)

-2.704

0.538
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Second, in order to determine the cause of the
onset f0 perturbation and the effects of the pitch
context on it, the onset f0 data of S2 was divided
according to consonant type (nasal vs plosive). Then
a series of linear mixed effects models were run with
base tone of S2, S1 and their interaction as fixed
factors, and with repetition and subject as random
factors. The results are illustrated in Figure 2, which
shows that:
In both groups with nasal or plosive consonants,
the register contrast of S2 is reflected to some extent,
but in different pitch contexts. As for the group with
nasal consonants, the register contrast of S2 is fully
reflected in T1 group, as the onset f0 of S2 with T3
and T5 is significantly lower than that with T1; while
there is no significant difference in T3 and T5 groups.
In the contrary, the register contrast in plosive group
is reflected in T3 and T5 groups, while there is no
significant difference in T1 group. Such results
indicate two things. First, the onset f0 perturbation is
not caused purely by the production of voiced
consonants, as there is the same pattern in the nasal
group where there is no consonant contrast (voiceless
vs voiced); rather it is caused by the phonetic
implementation of the phonological feature, i.e.
register contrast. Speakers do voluntarily control their
articulatory settings, at least to some extent, so as to
enhance the register contrast of S2. Second, the f0
perturbation pattern in plosive group is in line with
the previous studies in Standard Chinese and
Cantonese, in that consonant-f0 perturbation has a

10.0
T1

T3

T5

T1

Base tone of S1

T3

T5

4. DISCUSSION AND CONCLUSION
We investigated the effects of base tone and
consonant type of the second syllable (S2) on the f0
implementation of tone sandhi in Shanghai Wu, in
order to further our understanding of the interaction
of phonetic mechanism and phonological rule during
the tone sandhi. Results showed that although the
base tone contrast of S2 is neutralized by sandhi rule
in Shanghai, the register contrast of its base tone is
retained and is reflected by the onset f0, as the onset
f0 of S2 with low tones is significantly lower than that
with high tones. This onset f0 perturbation is not
caused purely by the phonetic production of
consonants, as voiced onsets tend to lower the f0 of
the following vowel; rather it is due to the phonetic
realization of the phonological feature, i.e. register
contrast, because we observe the same pattern in the
syllable with the same nasal onset /m/. Speakers
intentionally manipulate phonetic cues (i.e., f0) to
enhance the perception of the base tone/register
contrast of S2, in order to help listeners to distinguish
the morphemes with the same segments but different
base tones, as the f0 contour no longer a reliable cue
in S2. Therefore, the f0 perturbation in non-initial
positions is phonologically controlled, i.e., intended
by speakers who actively adjust their articulatory
settings to enhance/signal certain phonological
contrasts in the language.
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ABSTRACT

sible underlying mechanism for ATC, it is necessary
to first examine when it occurs or does not occur.
Since Mandarin exhibits complex patterns of ATC,
the present study takes Mandarin as an example to
investigate how, when and why ATC occurs.

This study examines anticipatory tonal coarticulation exhibited on a string of neutral tones in Mandarin. In addition to the well-documented dissimilatory anticipation triggered by the Low tone, the
results show that the Falling tone (with high onset)
consistently exerts assimilatory anticipatory effect
which could extend over three preceding neutraltone syllables; the High tone, on the other hand,
doesn’t exert such effect. 2D density plots of the surrounding full tones revealed that dissimilatory anticipation was strongest when the neutral tones were
both preceded and followed by a low pitch target,
whereas assimilatory anticipation tended to occur
when the following tone had an early high pitch target. This finding was interpreted as the result of
speech planning and articulatory constraint.

1.1. Tonal system in Mandarin

Mandarin distinguishes four lexical tones phonologically described as High (H), Rising (R), Low (L)
and Falling (F). Fig. 1 (adapted from Figure 1 in
[22]) displayed the averaged F0 contours of the four
tones. The data include all possible Mandarin syllables spoken in a sentence frame. Note that the
rising slope of R is shallow for its high target is often delayed to the next syllable in continuous speech
[21, 32], and that L has a rising tail when spoken in
isolation.
Figure 1: F0 contours of Mandarin lexical tones.

Keywords: tonal coarticulation, assimilation, dissimilation, speech planning, articulatory constraint
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1. INTRODUCTION
In continuous speech, F0 contours of lexical tones
are constantly affected by the preceding tone (i.e.
carryover tonal coarticulation) and/or the following
tone (i.e., anticipatory tonal coarticulation, or ATC).
Previous studies often focused on the directionality,
nature (in terms of assimilation vs. dissimilation)
and magnitude of tonal coarticulation (see [6] for a
review). In general, carryover effect has been found
to be stronger than anticipatory effect (cf. [4, 6]) and
to be mostly assimilatory in nature (cf. [4, 36]). The
nature of ATC, on the other hand, is language- or
even tone-specific: in Vietnamese, ATC is reported
to be entirely assimilatory [2, 3, 13]; by contrast,
in Thai [1, 9–11, 16], Cantonese [28], and Tianjin
Chinese [14, 36], ATC is totally dissimilatory; in
languages like Mandarin [20, 21, 29, 30], Taiwanese
[15], Nanjing Chinese [6], and Malaysian Hokkein
[4], both assimilatory and dissimilatory ATC have
been reported. This complexity raises questions
about why ATC occurs and how it is specific to different languages and tones. To investigate the pos-
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In addition to the four full tones, Mandarin has
another tonal category called the neutral tone (N),
which is phonologically targetless [5]. N only occurs in prosodically weak positions and the surface
F0 contour associated with N changes dramatically
depending on its tonal context.
1.2. ATC in Mandarin

In studies on tonal coarticulation in Mandarin, anticipatory dissimilation and assimilation have both
been attested.
Anticipatory dissimilation refers to the raising of
a tone when it is followed by a low pitch target. This
dissimilatory ATC is widely reported in studies of
Mandarin [20, 21, 29–31]. For example, Xu [30] examined tonal coarticulation using bi-tonal nonsense
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sequences and found that when the first syllable was
followed by a low-onset tone (i.e., R and L), its F0
contour was higher than when it was followed by a
high-onset tone (i.e., H and F), and the strongest effect was triggered by L in the second syllable.
Compared to the well-documented anticipatory
dissimilation, assimilatory anticipation is only sporadically reported in previous studies [20,22,24,26].
For example, a recent study [26] examined the F0
contour of consecutive Ns and found that when a
string of Ns and the following full tone (L or F) were
in the same noun phrase, the F0 contours of Ns were
higher when followed by F than by L, except when
L preceded the sequence of Ns. Such assimilatory
anticipation could extend over two N syllables.

resulting in a total of 16 (4 × 4) tonal combinations.
To control the effect of prosodic strength, focus was
always on the last word (i.e. shui-jiao "sleep") of
the sentence so the region under examination was
always pre-focus. Prosodic structure was controlled
in a way that the parenthesized region formed a noun
phrase and the full-tone syllable following Ns (e.g.,
mao "cat" in (1)) was the head of the phrase.

1.3. Effects of prosodic strength and prosodic structure on ATC

2.3. Procedures

2.2. Subjects

Twenty native speakers (13 females and 7 males) of
Mandarin participated as subjects. They ranged in
age from 19 to 28 years old at the time of the recording and were all born and raised in Beijing.

The recording was conducted in a sound-treated
booth in the Speech Acquisition and Intelligent
Technology Lab at Beijing Language and Culture
University. In order to make the production more
natural, experimental sentences were elicited using
questions and pictures. In each trial, the subject first
saw a written question (e.g., What did he say that the
mothers’ cat was doing? in Mandarin), then a picture (e.g., a cat that is sleeping) was shown on the
screen and the subject was instructed to answer the
question based on the picture. Each question-picture
pair was repeated 3 times during the recording and
all trials were automatically randomized.

Before moving on to investigate tone-specific effect
on ATC, it should be noticed that other factors, such
as prosodic strength and prosodic structure, could
also play a role. For example, Xu [31] found that
when a tone occurred in a focused word, it exerted
greater influence on adjacent tones and sometimes
also on non-adjacent tones; Shih and Kochanski [22]
demonstrated that tones of prosodically weak syllables were more likely to accommodate the shapes
of neighboring strong tones. As for the effect of
prosodic structure, studies [26, 37] showed that different levels of prosodic phrase boundaries weaken
tonal coarticulation to different extent; Scholz and
Chen [19] also demonstrated that tones in prosodic
head position were more likely to resist coarticulation and maintain the canonical shapes.

3. ANALYSIS AND RESULTS
The audio files were first auto-segmented using a
forced aligner program, then segmentation errors
were manually corrected. Time-normalized (20
points/syllable) F0 values of each sentence were
generated using ProsodyPro [33], and the erroneous
vocal cycle marks were also corrected by hand. The
extracted F0 values in Hz were then converted to
semitones following the procedure used in [23].

2. EXPERIMENTAL DESIGN
2.1. Stimuli

The experiment is designed to examine how the F0
contour of three consecutive Ns is realized in different tonal context. N is chosen because it is phonologically targetless and always occurs in weak position; as a result, the effect of ATC should be the
clearest on N. (1) shows an example of the stimuli:
(1) ta shuo (ma-ma men de mao) zai shui-jiao.
H H H-N
N N
H
F
F-F
he say mother PL POSS cat PROG sleep
"He said that the mothers’ cat was sleeping."
The five syllables in parentheses is the region to be
examined. The underlined words/tones were manipulated to provide different tonal context for the sequence of Ns. The syllable preceding and following
the Ns took one of the four full tones (H, R, L and F),

3.1. Graphical comparison of mean F0 contours

Fig. 2 displays the mean F0 contours (with standard errors indicated by the shaded bands) of the 5syllable region across speakers and repetitions. The
dotted vertical lines indicate syllable boundaries. In
each panel, the tone of the first syllable is held constant while the tone of the last syllable is varied.
The graph shows that, in general, the F0 contours
of the three Ns are the lowest when followed by
H (dash-dotted lines), regardless of the preceding
full tone. When the following full tone is R (dot-
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dicating the shape difference between two contours.
Table 1 and Table 2 summarized the p-values of the
parametric terms and the smooth terms, respectively,
reported by GAMMs. When the following tone is
R, neither the overall height nor the shapes of the F0
contours of Ns significantly differ from the reference
contour (an alpha level of .05 was used for all statistical tests). When the following tone is L and the Ns
are preceded by R or F, only the overall height difference reached significance level; when the following
tone is L and the preceding tone is also L, the overall height and the shape difference are both significant, suggesting a strong anticipatory effect. When
the following tone is F, the effect is also strong: a
following F consistently exerts significant effects on
the shape (and sometimes the overall height as well)
of Ns regardless of what the preceding full tone is.

ted lines), the contours of Ns generally overlap with
those followed by H, except when the preceding full
tone is R, in which case the contour of Ns followed
by R is slightly higher, suggesting a weak dissimilatory effect triggered by the following R. When
the following full tone is L (dashed lines), it exerts
much stronger dissimilatory anticipation in that the
F0 contours of Ns are higher when followed by L
than by H or R, and the effect is strongest when the
preceding full tone is L. Finally, when the following
full tone is F (solid lines), the F0 contours of Ns are
consistently lifted up, and the contours of the last N
are the highest (except when the preceding full tone
is L, in which case the contour of Ns followed by
L is higher). This final observation suggests strong
assimilatory anticipation triggered by F.
Figure 2: Anticipatory effect of the following full
tone on F0 contours of neutral-tone sequences.

Table 1: p-values of the parametric terms reported
by GAMMs
pre:H
pre:R
pre:L
pre:F
(fol:H) <0.001*** <0.001*** <0.001*** < 0.001***
fol: R 0.858
0.210
0.731
0.798
fol: L 0.443
0.004**
0.033*
0.022*
fol: F 0.284 <0.001*** 0.695
0.003**
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Table 2: p-values of the smooth terms reported by
GAMMs
pre:H
pre:R
pre:L
pre:F
(fol:H) <0.001*** <0.001*** <0.001*** < 0.001***
fol: R 0.962
0.754
0.190
0.758
fol: L 0.089 .
0.068 . <0.001*** 0.074 .
fol: F <0.001*** <0.001*** <0.001*** <0.001***
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In order to see how far the anticipatory effects
triggered by L and F can reach, the F0 contour of
each N and the preceding full tone were separately
modelled by GAMMs. Results suggest that the anticipatory effect of F could extend to as far as the
first N when the preceding tone is F (p=.007 for the
smooth term), while the effect exerted by L could
extend to the second N when the preceding tone is R
(p=.009 for the parametric term) or L (p=.002 for the
parametric term and p=.006 for the smooth term).
In order to explain why the anticipatory effects
exerted by the four tones differ in their nature and/or
magnitude, 2D Kernel density plots of the full tones
(preceding and following tones pooled together)
were drawn and shown in Fig. 3. Higher density
(i.e., darker colour) indicates smaller F0 variations
across individual observations. Therefore, the highdensity region of each tone can be interpreted as the
common F0 target across speakers and tokens [35].
Under this interpretation, a high target can be identified at the late portion of H and early portion of F,
and a low target can be identified at the late portion
of R (the high target of R is delayed to the following
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3.2. Statistical analysis

The whole F0 contours of the sequence of Ns are
modeled using generalized additive mixed models
(GAMMs) due to the non-linear shape [25, 27]. In
the models, the contours of Ns followed by H were
selected to be the reference smooth and the other
contours were modelled as difference smooths. In
model summary, GAMMs give both a set of parametric terms, indicating the overall height difference
between two contours, and a set of smooth terms, in-
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wards the end) in L, a speaker often needs to intentionally raise a preceding peak (for H, R and F,
this is their intrinsic high pitch target; for L, this is
the peak resulting from post-low bouncing, see [17]
and references therein) by enhancing CT muscle activation, resulting in the anticipatory dissimilation.
Moreover, since the preceding peak occurs the latest
when the preceding full tone is L, given the shortest time for pitch lowering, the raising effect in this
case is the strongest. This hypothesis could also explain why R triggered dissimilatory ATC in previous studies, e.g., [30], but not in the current one: in
this study, the string of targetless Ns provides longer
time for F0 lowering.
As for assimilatory anticipation, research on the
maximum speed of pitch change [34] found that direction shift (either from falling to rising or from rising to falling) took time and that pitch raising was
slower than pitch lowering. Therefore, it is expected
that if a high pitch target is anticipated to follow
a falling F0 contour, a speaker will decelerate the
falling earlier in order to get prepared for the rising and thus makes the falling much flatter. This is
exactly what happens in the current study. Because
N is targetless, it is natural for its F0 to approach
the so-called "neutral" level [12], and for a string of
Ns like those examined here, it means to end with
a falling contour. However, when the string of Ns is
followed by an early high pitch target, like the one in
F, the F0 contour needs to change its direction from
falling to rising. In preparation for that, the falling
is decelerated and the CT muscle is activated earlier,
resulting in the raising of the contour. On the other
hand, since the high target in H occurs late, the rising could be done inside the syllable itself, hence no
need to raise the falling contour of Ns.
To further test our hypothesis that the height and
position of pitch target in a tone would contribute
to the various language- and tone-specific ATC patterns reported in the literature, it is necessary to look
at other tonal languages and their tonal coarticulation patterns. Ultimately, it will also be necessary to
test the hypothesis using articulatory methods.

syllable, see [32] and references therein) and early
portion of L1 . In the discussion section, the height
and position of these targets are argued to contribute
to the different ATC patterns observed in this study.
Figure 3: Density plots of the full tones.
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4. DISCUSSION
The F0 patterns of consecutive Ns examined in this
study revealed interesting information about ATC in
Mandarin. Results suggested that L and F exerted
strong yet different anticipatory effects on preceding
Ns: while the effect of L was dissimilatory in nature,
the effect of F was assimilatory. Further examination
showed that the effect of L was strongest when the
preceding tone was L or R, whereas the effect of F
was strongest when the preceding tone was F. H and
R, on the other hand, didn’t trigger ATC. The F0 target of each tone identified in the density plots seems
to contribute to the discrepancies: the two ATC triggers, L and F, both have an early F0 target, whereas
the pitch target of the other two tones, H and R, occurs late in the syllable. This finding raises the next
question: why an early target triggered ATC in the
current study, but a late target didn’t?
We believe that dissimilatory and assimilatory
ATC are both the result of active speech planning
with the aim of accommodating articulatory constraints. Electromyographic (EMG) studies [7, 8,
12, 18] have demonstrated that F0 raising mainly requires contraction of the cricothyroid (CT) muscle,
whereas F0 lowering involves the relaxation of CT
as well as the activation of strap muscles and is consequently more effortful. Therefore, one could hypothesize that, to reach a low pitch target, a speaker
should either initiate the lowering earlier or increase
the velocity of the movement. The first strategy
requires longer duration, while the latter requires
a higher starting point. Since the low target of a
following R occurs in the late portion of the tonebearing syllable, it allows more time for the initiation of F0 lowering. By contrast, to plan for the
early low target (and also the even lower target to-

5. CONCLUSION
In this paper we have shown that in Mandarin, tones
with early low and high pitch target are better triggers of dissimilatory and assimilatory ATC, respectively, than tones with late target. Based on these
observations, we have argued that, ATC, whether it
is assimilatory or dissimilatory in nature, is a result
of enhanced CT muscle activation in preparation for
an upcoming early pitch target.
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L in Mandarin is often produced with creaky voice, thus
extremely low F0. However, not every subject has this
feature so the density at the late portion of L is not as
high as that at the early portion.
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ABSTRACT

For example, Cantonese and Mandarin native
speakers both have difficulty perceiving and
producing the English /θ/. However, these two
language groups assimilate English /θ/ to different
categories (i.e., Cantonese /f/ and Mandarin /s/),
which is surprising because both languages have /f/
and /s/ [7, 8, 9, 10, 11]. This could occur because /f/
and /s/ fricatives have slightly different spectra in
Cantonese and Mandarin (e.g., English /θ/ may be
more like Cantonese /f/) [11]. However, we
hypothesised that this difference could be explained
by formant transitions; English /f/ and /θ/ are
spectrally similar, but /θ/ involves a tongue
articulation that may make its transitions more like /s/.
Cantonese speakers may not use formant transitions
because of their small fricative inventory (as shown
in Table 1), but Mandarin speakers have an additional
fricative contrast /s/-/ʂ/ that could make them more
reliant on transitions and thus hear English /θ/ as /s/.

This study examined how transition cues affect the
perception and categorization of /f/ and /s/ by native
Cantonese, Mandarin, and English speakers. Previous
work had suggested that speakers of languages with
small fricative inventories are much less dependent
on formant transitions, likely because they can
distinguish among their native-language fricatives
using spectra alone. The present study investigated
this issue by combining behavioural and EEG
measures (a phoneme monitoring task and P300
measure integrated in an active oddball paradigm) for
language groups that differed in their fricative
inventories. The stimuli were spliced with vowels
such that the formant transitions were congruent or
incongruent with the fricatives. The results revealed
that all groups attended to formant transitions when
identifying fricatives, despite their differing language
backgrounds and fricative inventories.

Table 1. A comparison of English, Mandarin and
Cantonese inventories of voiceless fricatives
(excluding the glottal fricative /h/ from the English
and Cantonese inventories, as it does not involve a
constriction within the oral cavity, and is considered
different from the other fricatives [9, 12]).

Keywords: fricative formant transitions, crosslanguage difference, coarticulatory cues, L2 perception

1. INTRODUCTION
Although fricative categorisation is thought to be
primarily driven by aspects of the fricative spectra
(e.g., spectral moments), it can also be affected by
formant transitions in the surrounding vowels [1, 2, 3,
4, 5, 6]. Formant transition cues are likely not equally
important for all the fricatives; some fricatives are
more spectrally distinct (e.g., English /s/) so that they
can be distinguished from other fricatives (e.g.,
English /f/ and /θ/) based on frication alone [1, 2, 3,
4]. The use of formant cues can also be languagespecific [5]; speakers of languages with small
fricative inventories and without spectrally similar
fricatives (e.g., Dutch and German) are less sensitive
to formant transitions, and speakers of languages with
more spectrally similar fricatives rely more heavily
on transitional cues (e.g., Spanish and Polish). In
general, formant transitions appear to be a secondary
cue for fricative identification, given that they are
exploited mostly when spectral cues are not sufficient.
Native-language cue weightings and categories
can continue to be influential when perceiving
unfamiliar fricatives rather than listeners being able
to flexibly adjust their ways of cue processing [5, 6].
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The present study investigated possible crosslanguage differences in the weighing of formant
transition cues during fricative perception by
Mandarin, Cantonese and English speakers, in order
to understand the assimilation patterns of /θ/. We used
an active oddball paradigm, in which a series of
stimuli are each identified as “non-target” or a
relatively infrequent “target” (i.e., /s/ or /f/). The
stimuli were either cross spliced (i.e., frication spliced
into a vowel context from another fricative, such as
/f/ replacing the frication in /sɑ/) or identity spliced
(i.e., /f/ replacing the frication of a /fɑ/ syllable, such
that the splicing operation was the same for the two
types of stimuli). The identification of targets was
measured both behaviourally (i.e., identification and
reaction times) and in terms of the P300 ERP from

EEG recordings. P300 shows reliability in studies of
phonological processing. It appears to be sensitive to
the phonological categories during phonological
processing, and it preserves some effects of acoustic
details [13, 14, 15, 16]. Using P300 to investigate
perceptual strategy and cross-language differences in
fricative perception should be able to provide
evidence of how language experience affects
phonological processes, and to support the
behavioural results.

stimulus, and to press the other button for any other
stimuli. They were reminded that the next sound
would play shortly after they pressed a button. The
experiment was divided into six blocks, three with /f/
and three with /s/. A filler condition (i.e., other nontarget fricatives) was added to maximize the
amplitude of P300, as the target-to-target interval
needed to be longer than 6 s, with 2 to 4 fillers in
between. The probability of a target stimulus in each
block was 25%. However, it was assumed that the
cross-spliced targets would sometimes not be
perceived as a target, so that the target probability for
the participants should vary between 12.5% and 25%.

2. METHOD
2.1. Participants

Table 2: The stimuli of the experiment.

This experiment recruited 12 native Southern British
English speakers, 12 native Northern Mandarin
Chinese speakers, and 12 native Hong Kong
Cantonese speakers, who were all right-handed adults
between 18 to 30 years old. They reported no history
of hearing, learning, or language impairment, and no
history of neurological disorders. The native English
speakers had no knowledge of either Mandarin or
Cantonese. The Mandarin and Cantonese speakers
started learning English after 5 years old, and had
been exposed to an English-speaking environment for
less than 2 years.

Target

/f/

Identity
-spliced
(ID)
/f/-ID

/s/

/s/-ID

Stimulus Type
CrossFiller
spliced
(CR)
/f/-CR
Mandarin /ʂ/,
English /ʃ/,
voiced fricatives
/s/-CR
Mandarin /ʂ/,
English /ʃ/ and /θ/,
voiced fricatives

2.4. Data analysis

2.2. Stimuli

Four female native speakers of each target language
produced the stimuli in their native language for this
experiment. They read out CV syllables naturally (C
were fricatives, and V were /a ɑ/). The length of each
stimulus was equated to 0.55 s (with 0.15 s of
frication) using Praat. The recorded syllables with the
target fricatives were then spliced in two ways,
identity spliced and cross spliced. An identity-spliced
stimulus had its fricative replaced by the same
fricative of another token from the same language. A
cross-spliced fricative was replaced by the other
target fricative of a token from the same language (e.g.
the /f/ of an English /fɑ/ was replaced by a /s/ from an
English /sɑ/). The point of splicing for the recorded
target fricatives was at the zero-crossing point at the
end of frication and the beginning of harmonic
structure, following the same method adopted by
Wagner et al. [5].
2.3. Procedure

ERPs were recorded using a 64-channel BioSemi
ActiveTwo system with 2048 Hz sampling rate.
Participants were informed what the target phoneme
was before the start of each block. They were asked
to press the target button (marked with a sticker) on a
button box as soon as they could identify a target
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Behavioural performance was analysed as the
percentage of targets identified, and the median
reaction time between a button press and a stimulus
onset under each condition. The P300 response
analysed was the mean amplitude between 0.3 s and
0.8 s after stimulus onset, recorded at all the parietal
and mid-line channels. Mixed-model analyses were
used with subject language as the between-subject
variable, and with target and stimulus type as withinsubject variables.
3. RESULTS
3.1. Behavioural results

3.1.1. Percentage of correct target identification
The identification percentages indicated that all
language groups were sensitive to cross splicing, with
fewer target identifications for the cross-spliced
stimuli. There was a significant main effect of
stimulus type, F(1,33)=215.33, p<0.001, with more
target identifications for identity-spliced than crossspliced stimuli. There was a main effect of subject
language, F(2,33)=4.44, p<0.05, with English
speakers being slightly more frequent at identifying
targets. There was a significant interaction between
target and stimulus type, F(1,33)=22.60, p<0.001; /f/
was more affected by cross splicing than /s/. However,
there were no significant interaction involving subject

Figure 5. Grand-average even-related potential
(ERP) waveforms, averaged across parietal and
mid-line electrodes as a function of stimulus type
and subject language.
Target f
Target s

language, p > 0.05, indicating that the effect of
transitions was similar between the language groups.
Figure 2: Average percentages of correct target
identification for participants of three language
groups under different conditions.
Target f
Target s

3.1.2. Reaction time
The only significant main effect was stimulus type,
F(1,33)=15.52, p<0.001. That is, listeners were
slower at identifying the target for cross-spliced
stimuli, even when considering only trials in which a
target was identified. All the interactions involving
subject language were non-significant, p > 0.05.

4. DISCUSSION

Figure 3: Average reaction time of participants of
three language groups under different conditions.
Target f
Target s

The significant main effects of stimulus type in both
behavioural and EEG measures indicates that
Cantonese, Mandarin, and English speakers are all
affected by mismatching formant transitions,
demonstrated by lower accuracy rates, longer reaction
time, and a smaller mean P300 amplitude under the
cross-spliced condition.
The finding that Mandarin speakers make use of
formant transition cues supports our original
hypothesis; we expected that as Mandarin speakers
would use formant transitions in fricative
identification because they have more apical
fricatives. However, it was unexpected to find that the
Cantonese-speaking participants also attended to the
formant transitions, despite their smaller fricative
inventory. Like Dutch, Cantonese has only two
fricative categories in front of the alveolar position:
/f/ and /s/ [5, 9]. However, Dutch and Cantonese are
from different language families with different ways
of processing segmental and coarticulatory cues.
Cantonese and Mandarin are tonal languages, in
which tone segments are carried by syllables, in
which case the sense of unity of syllables may be
reinforced by the tones. Several studies on Mandarin
have claimed that syllables are stored and retrieved as
a whole unit, and syllables, instead of phonemic
segments, play a primary role in speech processing
and production [17, 18, 19]. Cantonese is presumably
the same [19]. In contrast, Indo-European languages
(e.g., Dutch), treat phonemic segments as units, and
treat syllables as compositions built up with the units.

3.2. P300 results

The only significant main effect was stimulus type,
F(1,33)=7.69, p<0.01, with greater P300 responses
for identity-spliced stimuli. All the interactions
involving subject language were non-significant, p >
0.05.
Figure 4: Average P300 amplitudes of three groups
of participants under different conditions.
Target f
Target s
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This difference could lead to their different
perception of formant transitions.
In this study there was a possible effect of English
learning experience that was difficult to eliminate,
which may have increased the necessity of using
formant transitions. Currently, no other studies have
provided sufficient evidence to determine how much
training is needed to learn to make more use of
formant transitions during second language learning.
The P300 results demonstrate that the manipulated
acoustic information, i.e. the mismatched formant
transitions, is preserved at a post-perceptual level,
which is comparable to previous P300 results [13].
P300 amplitude is considered to vary with the amount
of attentional resource allocated in the task [23]; the
lower amplitude under cross-spliced conditions
across language groups may indicate that their
attention was divided after a cross-spliced stimulus,
as the listeners may have continued to search for
additional information elsewhere to make up for the
difficult cues from the stimuli.
In conclusion, this study found that the Cantonese,
Mandarin, and English native speakers were affected
by mismatching formant transition cues when
identifying fricatives, regardless of their native
fricative inventories. This suggests that the
motivation to use formant cues is more complicated
than the content or the size of a fricative inventory.
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sensitivity [14]. Bladon & Al-Bamerni [3] has
hypothesized that there is a specific “coarticulation
resistance” value associated with each segment. Later
on, quantitative measurements of coarticulation
resistance have been developed based on advances in
articulatory imaging techniques, such as the degree of
articulatory constraints (DAC) model [24-25], the
statistical model [13] and the mutual information
(MI) model [12]. These measurements represent to
what extent a specific articulator is involved with the
presence of distinct surrounding segments. The early
philosophical models and the latest measurements
tend to focus on the articulatory movement.
Difficulties arise, however, when it is implemented in
articulatory synthesis, which requires high perceptual
accuracy.
Lindbolm [16] applied linear regressions to
capture the changes in vowel formant frequencies
soon after the consonant release, known as locus
equations. As an extension, Öhman [19] proposed a
mathematical function that treated the consonant
gesture as a diphthongal force that superposes the
movements of vowels. His work inspired a growing
body of literature that adopted different approaches to
calculating vocal tract area functions for the
modelling of coarticulation in speech synthesis [1, 8,
27]. Birkholz [1] modelled the vocal tract shapes of
context-sensitive consonants based on weighted
means of reference shapes of consonants following
point vowels (i.e., /a/, /i/ and /u/) via acoustic
optimization. This synthesis system relies on
articulatory data to pre-define the vocal tract shapes,
which is unsatisfactory if articulatory synthesis were
to be envisaged as a simulation of vocal learning, as
learners would not normally have access to
knowledge of articulation.
The aim of the current study is to explore how
coarticulation can be learned through acoustic
imitation by simulating it in articulatory synthesis
using VocalTractLab [2]. We tested the hypothesis
that a) C and V articulation are fully synchronized at
syllable onset, and b) despite the CV overlap, at the
level of individual articulator dimensions, target
approximation is sequential [28]. The hypothesis
differs from the task dynamic model [10-11, 26] in
that a) CV synchrony is presumed rather than learned,

ABSTRACT
The present study tested the idea that coarticulation,
despite involving overlap of articulatory gestures, is
achieved by sequential target approximation at the
level of individual articulator dimensions. For
example, CV co-onset in a velar stop can be achieved
by having the tongue body vertically move upward
for a closure contact, while at the same time also
moving horizontally to achieve the tongue shape for
the vowel, resulting in velar contact locations that
vary gradiently with adjacent vowels. We examined
this hypothesis in an analysis-by-articulatorysynthesis paradigm, whereby vocal tract parameters
were optimized to minimize acoustic differences
between synthetic and natural speech. Results of a
perceptual identification experiment demonstrated
that syllables synthesized with articulatory
parameters learned this way had fairly high
intelligibility. Potential impacts of the findings on
understanding
coarticulation,
coarticulation
resistance and vocal learning as well as on
articulatory synthesis are discussed.
Keywords: coarticulation, articulatory synthesis,
target approximation, vocal learning
1. INTRODUCTION
The term ‘coarticulation’ (‘Koartikulation’) was first
proposed by Menzerath and de Lacerda [17] to
describe the phenomenon that the movement of the
vowel in a consonant-to-vowel (CV) sequence starts
at the same time as the consonant [15]. By now,
however, it is mostly used to refer to any variation of
a segment with adjacent or nearby segments. The
contextual variability of segments has intrigued
theoretical discussions on how linguistically invariant
segments
take
various
articulatory-acoustic
manifestations in connected speech. In the task
dynamic model [10-11, 26] as well as Articulatory
Phonology [7], it is assumed that there are temporal
overlaps between linguistically relevant movements
of the vocal tract, referred to as gestures. In the
window model of coarticulation, a segmental feature
has a ‘window’ consisting of a maximum and a
minimum physical value that reflects contextual
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and b) there is no blending at the level of articulatory
dimension. For example, in /gV/, the tongue body
vertically moves upward for a velar contact, while
also moving horizontally for the vowel tongue shape,
resulting in a velar contact location depending on the
vowel context. The articulatory synthesis paradigm
has been successfully tested in generating Thai
vowels but not CV sequences where the C is an
obstruent consonant [20-21]. The presented study is
to test the effectiveness of adding dimension-specific
sequential target approximation to the paradigm. The
performance of the model will be evaluated in terms
of perceptual quality of the synthetic sounds via an
identification task and in terms of plausibility of the
learned articulatory parameters.

2.1. Vocal tract model

VocalTractLab 2.2 (www.vocaltractlab.de) [2]
calculates area functions for acoustic simulation on
the basis of a geometrical 3D vocal tract model,
adapted from MRI data of a German male speaker.
The simulation involved twenty vocal tract
parameters, as shown in Table 1. During speech
production, the physiological structure of the vocal
tract restricts the articulatory movement. Here, the
inter-articulator constraints were simulated by
regulating adjacent articulators together. For
example, whenever the tongue blade parameters are
adjusted, the tongue body parameters move in the
same direction by 20%.
Table 1: Vocal tract parameters of the model

2. METHOD

Parameter
HX, HY
JX, JA
LP, LD
VS, VO
TCX, TCY

Fig. 1 is an illustration of the learning model. The
articulatory targets being learned are parameters
of VocalTractLab (Fig. 1A). The dynamics of the
articulators are controlled by dimension-specific
sequential target approximation (Fig. 1B). The
simulated vocal tract parameter curves are then
used to calculate area functions for acoustic
simulation (Fig. 1C). Mel frequency cepstral
coefficients (MFCCs) are extracted from both the
target and synthetic sounds and compared (Fig.
1D). The articulatory parameters are optimized
iteratively from A to D to minimize the sum of
squared errors of MFCCs (i.e., the cepstral
distance) between the target and synthetic sounds.

TTX, TTY
TBX, TBY
TRX, TRY
TS1 – TS4

Description
Horiz. and vert. hyoid positions
Jaw position and Jaw angle
Lip protrusion and vert. lip distance
Velum shape and velum opening
Horiz. and vert. tongue body center
positions
Horiz. and vert. tongue tip positions
Horiz. and vert. tongue blade
positions
Horiz. and vert. tongue root positions
Tongue side elevation from the
anterior to the posterior part of the
tongue

Figure 1: Overview of the learning model.
2.2. Simulation

We ran a series of simulations for learning English
monosyllabic CVC words containing bilabial,
alveolar and velar stops (Table 2), with the goal that
the synthetic words would be correctly identified by
naïve listeners without phonetic knowledge. For the
target words to be learned, recordings were made by
a female American English speaker in a quiet room.
In the simulation, what was being learned were
articulatory targets of consonants and vowels. In each
learning cycle, a full set of hypothetical targets with
pre-specified fixed time intervals were tested. Each
articulatory dimension was controlled either by the
consonant or by the vowel. As shown in Fig. 1B for
/gV/, at t0 the vertical tongue body parameter was
allowed to move towards the consonant target and the
other articulator dimensions moved towards the
vowel target. The vertical tongue body parameter was
allowed to move towards vowel target from t1, which
ended at t2. Similarly, for /b/, the lip distance was
controlled by the consonant before t1, and for /d/, the
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vertical tongue tip and tongue blade positions were
controlled by the consonant until t1.

that the naturalness rating of the synthetic speech
significantly predicted whether the whole word was
correctly perceived (β = 0.808, SE = 0.355, t = 2.275).
Sample natural and synthetic sounds are embedded at
the end of the PDF.

Table 2: Target words

Vowel
/i/
/ɪ/
/ɛ/
/æ/
/ɒ/
/u/
/ʌ/

/bv/
bead
bid
bed
bad
bod
booed
bud

/dV/
deed
did
dead

/gV/
Figure 2: Recognition rate of the learned syllables

100%
89%
100%
80% 100%
80.00%
75%
78% 83%
60%
65%
75%
61%
65%
40%
45%
45%
20%
0%

get
god
good

2.3. Optimization

The optimization was based on an analysis-bysynthesis paradigm to simulate learners’ vocal
exploration. We adopted a pure random search
algorithm [6] in which the vocal tract configurations
were randomly adjusted until a best acoustic match
with the target utterance was obtained. MFCC was
used as auditory feedback, which is a robust
parametric representation widely used in speech
recognition and speech synthesis [9]. For each target
CV sequence, the model was trained for 3-30k
iterations, depending on the learning difficulties.
After CV sequences were trained, codas were
optimized in the same way. The intonation contours
were synthesized based on f0 targets learned from the
target words using PENTAtrainer2 [22-23].

3.2. Learned vocal tract parameters

Fig. 3 displays the optimized vocal tract shapes of the
velar stops at the moment of maximal constriction.
With regard to the horizontal tongue body position
(TCX), the more positive the number, the more
forward the tongue position. The learned tongue body
targets of velar stops are similar in the vertical
position (TCY) but different in the horizontal position
(TCX). The tongue body therefore moved upward to
contact the soft palate and also horizontally towards
the vowel. As the vowel in /get/ is more anterior than
in /god/, the place of the closure of /g/ is more anterior
in /get/, too.

2.4. Identification experiment
Figure 3: Learned vocal tract shapes right before
the release of the initial consonants in /gV/
sequences. TCX and TCY represent the horizontal
and vertical tongue body positions respectively.

Ten native English speakers (female: 6) participated
in the perception experiment. The stimuli were
thirteen recorded target sounds and the corresponding
synthetic sounds. The stimuli were randomised and
presented by the ExperimentMFC function of Praat
[4]. The perceptual task was a free identification task
in which listeners wrote down what they heard and
judged the naturalness of the stimuli on a 1-5 Likert
scale with 5 being the most natural and 1 being the
most unnatural.

A. /god/

B. /get/

3. RESULTS
3.1. Identification results

Fig. 4 and Fig. 5 illustrate the learned vocal tract
shapes right before the release of the bilabial stops
and alveolar stops. The negative lip distance indicates
a closed lip target and the negative TTY values
indicate that the consonant target forms a constriction
at the alveolar ridge. In Fig. 4, although the lips are
both closed before the release, the tongue shapes are
ready for the vowel. Likewise, in CV sequences

The recognition rate was calculated in terms of how
many segments were correctly identified. The mean
recognition rate of the CV sequences was 97% for the
natural syllables and 74% for the synthetic ones. Fig.
2 shows the recognition rates of the synthetic
syllables. The average naturalness rating of the
natural and synthetic sounds was 4.74 and 1.91
respectively. An ordered logistic regression showed
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containing alveolar stops (Fig. 5), the anterior part of
the tongue is in a similar shape at the moment of the
oral contact, the posterior part of the tongue is in a
shape similar to the adjacent vowel.

entire tongue moves towards the position for the coproduced vowel. Such simulated CV co-onset
therefore sheds light on the inner workings behind the
observed co-onset of vowel and consonant
movements at the beginning of the syllable upon
which the term ‘koartikulation’ was coined [17].
The study also shows that although they have
heavily burdened concatenative speech synthesis,
contextual variations of phonetic segments can be
simulated without excessive amounts of training data.
Furthermore, unlike previous articulatory synthesis
that relies on articulatory data [1], the present study
has tackled the acoustic-to-articulation mapping by
implementing analysis-by-articulatory-synthesis with
the hypothetical mechanisms of synchronized CV coonset and dimension-specific target approximation.
The proposed methods may eventually lead to highquality articulatory speech synthesis. Importantly, the
methods also showed the ability to address the
speaker normalization problem in language
acquisition [5, 18], because the target sounds were
spoken by a female while the vocal tract model used
in the learning was that of a male. Guided by auditory
feedback, the model was able to automatically learn
to produce intelligible CV sequences despite the
anatomical differences. This demonstrates that the
learner can discover a motor representation
equivalent to the sensory input by repeatedly
adjusting vocal tract configurations to match the
perceived sounds. The simulation provides a possible
solution for the problem of how speech production
and perception can be linked by acoustic imitation.
Further research, however, will be undertaken to
simulate children’s vocal learning and how the
critical articulator dimensions for consonant targets
are discovered by learners rather than being pre-set as
was done in the present study.
Another limitation of the current study is that the
pure random search used was time-consuming. The
intention was to test the power of the synchronization
mechanism and the intrinsic articulatory constraints
rather than to find the best machine learning
algorithms. Work is currently in progress to apply
genetic algorithms and neural networks to speed up
the optimization process.
Overall, the findings of the study provide support
for the hypothesis that CV coarticulation is realized
by co-onset of sequential target approximation at the
level of individual articulator dimensions. The model
succeeded in simulating the learning of contextual
articulatory variances and achieved fairly high
intelligibility. The findings therefore offer new
insight on the basic mechanisms of coarticulation and
vocal learning, and may have implications for highquality articulatory synthesis.

Figure 4: Learned vocal tract shapes right before
the release of the initial consonants in /bV/
sequences. LD represents the lip distance.

A. /bod/

B. /booed/

Figure 5: Learned vocal tract shapes right before
the release of the initial consonants in /dV/
sequences. TTY and TBY represent the vertical
tongue tip positions and the tongue blade positions
respectively.

A. /deed/

B. /did/

4. DISCUSSION
It has been well-established that different speech
segments affect the articulatory movement of the
surrounding segments to a varying degree, known as
‘coarticulation resistance’ [3, 12-13, 24-25]. The
contextual variations have been interpreted as
originating from variable temporally overlapping
gestures between the consonant and vowel in the task
dynamic model and Articulatory Phonology, which
may sometimes involve gestural blending [7, 10-11,
19, 26]. In the present study we tested the alternative
hypothesis that even when the C and V gestures are
overlapped in time, the articulatory execution in the
form of target approximation can be serially ordered
for specific articulatory dimensions [28]. In /dV/ and
/gV/ sequences, the part of the tongue crucial for a
consonant moves upwards to make a contact, while
the rest of the tongue moves backwards or forwards
for the co-produced vowel. In /bV/ sequences, the lip
distance is controlled by the consonant, while the
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ABSTRACT
In production, word-initial voicing contrast of
plosives in Tokyo Japanese is not robustly based on
VOT, since young speakers tend to devoice previously voiced plosives. Meanwhile, speakers rely
heavily on f0. The present study aims to examine the
role of VOT and f0 cues in perception. We conducted an identification test using resynthesized stimuli
along a VOT continuum (-60 to +40 ms) orthogonal
to an f0 continuum. Results suggested a categorical
perception of VOT, while f0 was especially useful
when VOT was around 0 ms. Higher f0 contours
affected the response rate more than lower f0 contours, suggesting that the perceptual role of f0 raising was more important than f0 lowering.
Hence, plosive devoicing in production is not
preceded by listeners’ misparsing of low f0 and prevoicing. Their misattribution of high f0 to voicelessness may play a more important role in the shift of
VOT-f0 cue weighting in perception and production.

Afrikaans [4], Dutch [15], Tamang [12,13]. These
studies also compared production with perception
data and concluded that perception lags behind production, contrary to Ohala’s model [14]. In particular, (some) speakers who use primarily f0 and devoice previously voiced plosives in production still
rely heavily on prevoicing in categorization of these
plosives. The most studied incipient tonogenetic
case is Seoul Korean, in which two of the three plosive series are merging in terms of VOT (voice onset
time) and the contrast is now realized on the f0 of
the following vowel [19,9,1]. The tonal contrast is,
however, not yet phonologized, as argued in these
studies. In [1], it is also suggested that the tonogenesis is production-biased, driven by the VOT contrast
reduction due to lenition in high-frequency words,
combined with an adaptive expansion of f0 contrast.
There is no doubt that both production and perception play important roles in a sound change, and
it is highly possible that one does not strictly follow
the other. In this study, we attempt to gain some
insight on the production-perception link from a
situation prior to incipient tonogenesis.

Keywords: Japanese, voicing, perception, VOT, f0,
coarticulation, tonogenesis

1.2. This study

1. INTRODUCTION

Tokyo Japanese possesses two plosive series traditionally described as prevoiced and voiceless unaspirated. However, recent studies suggested a trend
towards devoicing word-initial voiced plosives by
young speakers [20,5]. Meanwhile, VOT measures
indicate that word-initial voiceless plosives are
moderately aspirated [18,17,5]. Importantly, VOT of
the two plosive series overlap [5]. As a secondary
cue, f0 of the following vowel is higher after wordinitial voiceless than voiced plosives, the magnitude
and duration being more important in an H tone than
L tone mora [5]. While it remains unclear whether
aspiration of voiceless plosives or f0 difference on
the following vowel is undergoing any recent
change, devoicing of voiced plosives is argued to be
an ongoing phonetic change. That is, the coarticulatory source is disappearing in Tokyo Japanese, similarly to Afrikaans, Dutch, and Tamang (see §1.1).
If this synchronic voicing variation may trigger a
diachronic change involving exaggeration of the
coarticulatory effect and complete loss of the coarticulatory source, can we already observe a shift
from VOT to f0 cue in perception? To address this

1.1. Production-perception link in tonogenesis

Transphonologization [6] in the domain of tone has
been widely documented. A well-known example is
the loss of a consonantal voicing contrast replaced
with a tonal contrast on the following vowel. This
tonal development has been accomplished in many
Southeast and East Asian languages [8]. One of the
classic sound change models is perception-biased
[14]: sound change is initiated by the listeners’ misparsing of a sequence, attributing more weight to the
coarticulatory effect than to the coarticulatory source
in perception. According to this model, we may
distinguish three stages in a tonal development: (1)
presence of both the coarticulatory source and effect,
that is, prevoicing of C, and lower f0 (fundamental
frequency) on following V, presumably, (2) shift in
perception from the coarticulatory source to effect,
and (3) shift in production from the coarticulatory
source to effect.
Such tonal development in progress, in an earlier
or later stage, has been reported in other genetically
and/or geographically unrelated languages, such as
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question, we conducted a forced-choice identification test in order to examine Japanese listeners’ sensitivity to these two cues.

The f0 difference is larger in an initial H tone than L
tone mora in natural productions, leading to a larger
f0 range for resynthesized /p-ba/ (H tone /a/: 111–
154 Hz) than for /t-de/ (L tone /e/: 114–133 Hz).
In total, 96 stimuli (8 VOT steps × 6 f0 steps × 2
tones) were constructed.

2. EXPERIMENT
2.1. Method

2.1.3. Procedure

2.1.1. Participants

The experiment was conducted using an adapted
Python program [22]. Participants were tested individually in a soundproof room, following oral and
written instructions in Japanese. Auditory stimuli
were presented to them through a professional quality headphone and an Audio interface (Edirol) connected to a laptop computer. At trial onset, a fixation
cross was displayed at the centre of the screen; 500
ms later, one auditory stimulus was presented; at
stimulus offset, the fixation cross was replaced with
two visual stimuli representing the two possible
responses written in Japanese at the left and right
side of the screen. The response side was the same
for each listener for facilitation but counterbalanced
across all listeners. Listeners were instructed to respond as quickly and accurately as possible by
pressing the left or the right <SHIFT> key on the
keyboard. The response time-out was set to 2 seconds. The test phase was preceded by a training
phase of 10 trials consisting of original stimuli with
unambiguous prevoicing or aspiration, and f0 pattern, during which listeners were given feedback for
their correctness and response time, measured from
the onset of visual stimuli presentation. During the
test phase, the stimuli were presented in a different
randomized order for each listener. For 14 listeners,
each stimulus was repeated 3 times only due to the
time schedule, yielding 288 trials in total,. For the
other 5 listeners, each stimulus was repeated 4 times,
yielding 384 trials in total. The test took about 15 to
20 minutes.

Nineteen native speakers (7 males, 12 females) of
Tokyo Japanese living in Tokyo, with a mean age of
23 (from 20 to 31), participated in this experiment.
None reported any speech or hearing disorder.
2.1.2. Resynthesized stimuli
Stimuli were created by modifying two minimal
pairs produced in isolation by two males (aged 21
and 22): one minimal pair with HL tone (or pitchaccent), /pasu/ ‘pass’ vs. /basu/ ‘bus’ (loanwords, for
lack of better choices), the other with an LH tone,
/teki/ ‘enemy’ vs. /deki/ ‘result, performance’. /b/
and /d/ were originally produced with prevoicing.
For each word pair, two orthogonal continua were
constructed varying VOT and f0.
Each VOT continuum was composed of 8 stimuli
from -60 ms to +40 ms (step 1 to 8), with a step of
15 ms in the negative range [-60, -15] and of 10 ms
in the positive range [10, 40]. /pasu/ and /teki/ were
chosen as the base tokens, with original VOT at 35
and 30 ms for /p/ and /t/, respectively. For all stimuli, the original release part of /p-t/ was weakened so
as to sound more natural when prevoicing was added. For positive VOT stimuli, the aspiration part of
/p-t/ was lengthened or shortened by Duration manipulation in the PSOLA [21] program implemented
in Praat [3]. For negative VOT stimuli, prevoiced
portions extracted from original /basu/ and /deki/
were spliced before stimuli with a shortened VOT of
10 ms (approximately the release duration). The
prevoiced portions, originally at 143 and 65 ms for
/b/ and /d/, respectively, were then shortened to meet
each of the 4 steps in the negative VOT range.
An equidistant f0 continuum composed of 6
stimuli from lowest to highest (steps 1 to 6) was
imposed on the first vowel of each VOTmanipulated stimulus, using Pitch manipulation in
the PSOLA [21] program implemented in Praat.
(The second vowel kept the original f0 contour of
the base tokens, unaffected by onset voicing.) The f0
contours of steps 2 and 5 were stylized from the
natural f0 contours of /basu, deki/ and /pasu, teki/,
respectively. Steps 3 and 4 were intermediate contours interpolated between steps 2 and 5 in equal f0
(Hz) space. Steps 1 and 6 were endpoint contours
extrapolated from steps 2 to 5 in equal f0 (Hz) space.

2.2. Results

2.2.1. Identification
Voiced identification curves are plotted as a function
of VOT steps (Figure 1), and as a function of f0
steps (Figure 2). Figure 1 shows clear S shape
curves in most of the cases, indicating a highly categorical perception of VOT. For /p-ba/ (H tone), the
identification curves for the three highest f0 steps (46) show a shift towards the leftmost VOT endpoint
as f0 increases, whereas the curves for f0 steps 1-3
are superimposed. In particular, f0 step 6 noticeably
lowers voiced response rate at the leftmost VOT
endpoint whereas the other steps do not. For /t-de/
(L tone), the identification curves for each f0 step
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are close to each other. There is a noticeable shift
between f0 step 6 and the other steps. These observations suggest listeners’ higher sensitivity to high
pitch (steps 4-6, notably 6) than low pitch.

ondary. It can be noticed that for L tone, f0 plays a
role in voicing judgement only when VOT is at 10
ms. For H tone, the role of f0 can be clearly observed when VOT is at 10 and -15 ms. When VOT
is below -15 ms, only the highest f0 steps affect
voicing judgement.
Furthermore, mid-long lag VOT (≥20 ms for H
tone, ≥30 ms for L tone) entails voiceless responses,
regardless of f0. This suggests that aspiration is a
reliable perceptual cue for voicelessness.
A generalized linear mixed model (GLMM) was
fitted to the binomial voiced/1-voiced response data,
using the lme4 package [2] in R [16]. The following
predictors were included in the model: VOT (step,
numerical), f0 (step, numerical), tone (L as the reference level), and f0×VOT×tone interatction. The
model also included random intercepts for participant, and by-participant random slopes for f0, VOT,
and tone. Table 1 shows the results of the GLMM
model. f0×VOT interaction has a significant effect
only for H tone, but not for L tone.

Figure 1: Voiced response rate as a function of
VOT step, for the six f0 steps, for H tone (upper
panel) and L tone (lower panel).
1.00
0.75

voiced response

H

0.50

f0
1(L)

0.25

2

0.00
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1.00

4
5

0.75

6(H)

Table 1: Results of GLMM fit to the response.

L

0.50

Predictor
(Intercept)
VOT
f0
toneH
VOT:f0
VOT:toneH
f0:toneH
VOT:f0:toneH

0.25
0.00
-60-45-30-15 10 20 30 40

VOT (ms)
Figure 2: Voiced response rate as a function of f0
step, for the eight VOT steps, for H tone (upper
panel) and L tone (lower panel).

H

0.25
0.00
1.00
0.75
0.50

L

voiced response

VOT

0.50

z value
1.25
-10.27
-1.70
2.06
0.69
-2.32
-5.55
4.22

Pr(>|z|)
< 2e-16 ***
< 2e-16 ***
0.090.
0.039 *
0.488
0.020 *
2.88e-08 ***
2.45e-05 ***

Table 2 shows the 50% crossover boundaries (in
step number) for voiced responses of the logistic
curves calculated with the above GLMM model. The
boundary is shifted towards the VOT rightmost endpoint as f0 decreases, for both H and L tones. The
distance of the shift is greater for f0 steps 4-6 than 13 for H tone.

1.00
0.75

Estimate
12.28
-2.11
-0.38
2.45
0.03
-0.51
-1.47
0.21

-60
-45
-30
-15
10
20
30
40

Table 2: 50% crossover boundaries (in VOT step
number), for each f0 steps for H and L tone.

tone/f0step
H
L

6 (H)
3.0
5.1

5
3.8
5.3

4
4.4
5.4

3
4.8
5.5

2
5.1
5.6

1 (L)
5.4
5.7

Post-hoc pairwise comparisons were made for
two separate GLMM model for H and L tone, with
the same predictors as above but f0 step as a factor
variable, using the emmeans package [11] in R, pvalues adjusted with the Tukey method. Significant
consecutive step contrasts at VOT step=4.5 are
summarized in Table 3. It again shows an effect of
f0 between higher f0 but not between lower f0 steps.

0.25
0.00
1(L) 2 3 4 5 6(H)

F0 (step)
In contrast, Figure 2 shows flat curves in most of
the cases, indicating that the role of f0 is only sec-
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Table 3: Results of Post-hoc pairwise comparisons
for f0 step contrasts.

tone
H
L

f0 step contrast
step 3 – step 4
step 5 – step 6
step 4 – step 5
step 5 – step 6

Estimate z.ratio
2.60
7.62
0.84
3.46
1.26
3.05
0.98
3.32

aspiration is sufficiently reliable to cue voicelessness; (2) prevoicing entails a high percentage of
voiced responses; (3) in an H tone mora, when prevoicing conflicts with high f0, listeners are biased
towards voiceless judgement; and (4) when VOT is
ambiguous (around 0 ms), listeners rely heavily on
f0, being more sensitive to high f0 than low f0.
No evidence suggests a misparsing between prevoicing and low pitch, for listeners are highly sensitive to prevoicing, and do not attribute low pitch to
voicedness when VOT is ambiguous. Instead, they
tend to attribute high pitch to voicelessness. If this is
a misparsing process which may eventually lead to a
sound change, it might suggest that, the coarticulatory source is voicelessness and the coarticulatory
effect is high f0. In fact, recent studies on production
data of obstruent voicing in English, French and
Italian proposed that f0 perturbation is due to an f0
raising effect of voiceless obstruents rather than an
f0 lowering effect of voiced obstruents as commonly
accepted [7,11]. Nonetheless, it is important to note
that this misparsing occurs especially (but not only)
when VOT is ambiguous.
Let’s now come back to the question of devoicing in production. If prevoicing is helpful in perception, why, then, isn’t it regularly produced? The only
explanation we can think about is a context-induced
production bias. Voiced plosives in domain initial
position (word/phrase- and especially utterance initial) might be simply more prone to devoicing, as
observed in English, as well as several languages
reported to be undergoing tonal development (see
§1). Note that in these languages, prevoicing is well
preserved in word-medial position. It is also interesting to note that in a language like French, in which
prevoicing is a robust cue, lexical words are rarely
phrase-initial, often preceded by functional words.
In conclusion, in Tokyo Japanese, variable plosive voicing in word-initial position can be viewed
as a synchronic variation similar to English, resulting from a context-induced production bias of devoicing. Subsequently, VOT becomes less reliable
and f0 contrast is expanded to recover/disambiguate
VOT contrast reduction, possibly due to an f0 raising rather than f0 lowering process, in perception as
well as in production.
Whether this synchronic variation is a precursor
of a possible tonal development depends on multiple
factors beyond the scope of this paper.

p.value
< .0001
0.007
0.028
0.011

2.2.2. Response time
Response time (RT) data was analysed in order to
examine whether conflicting cues (e.g., negative
VOTs and high f0) slowed down listeners’ responses. RT data was positively skewed. Hence, outliers
(>Q3+1.5*IQR, 3.2% of the data) were removed,
resulting in a relatively normal distribution. We used
RT data for voiced responses within negative VOTs
(steps 1-4), and for voiceless responses within positive VOTs (steps 5-8). For a clearer comparison of
f0, only patterns for the lowest f0 (step 1) and the
highest f0 (step 6) are shown in Figure 3.
Figure 3: RT (for dominant responses) as a function of VOT step, for the highest and lowest f0
steps, for H (left panel) and L tone (right panel).
H

L

RT (ms)

600

f0

500

1(L)
6(H)

400

300
1 2 3 4 5 6 7 8

1 2 3 4 5 6 7 8

VOT (step)

For H tone, conflicting cues clearly lengthened
RT for VOT steps 3-5, that is, the ambiguous VOT
range for voicing judgement. Indeed, post-hoc pairwise comparisons showed an effect of f0 (steps 1 vs.
6) only for VOT at -30 ms [t=2.5, p=.01], -15 ms
[t=4.0, p=.0001] and 10 ms [t=-3.4, p=.0008]. For L
tone, RT had little effect.
3. DISCUSSION
This study examined the role of VOT and f0 in perception of word-initial plosive voicing in Tokyo
Japanese. We questioned whether the ongoing devoicing of previously voiced plosives in production
is led by a shift from VOT to f0 cue in perception.
Our identification and RT results showed that, in
perception, listeners rely heavily on VOT and secondarily on f0. However, VOT strongly interacts
with f0, as shown in the following observations: (1)
mid-long lag VOT almost always entails voiceless
responses, regardless of f0, suggesting that moderate
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ABSTRACT
This study reports on socially structured variation in
anticipatory nasal coarticulation in two socio-ethnic
varieties of Afrikaans. Nasal airflow measures show
that White Afrikaans speakers produce more
extensive vowel nasalization than Kleurling
Afrikaans speakers. In perception, these same
participants were predicted to use their experiences
with these varieties in judging Kleurling and White
speakers' oral (CVC) and nasal (CVN(C)) stimuli in
an eye-tracking task. Evidence of prior perceptual
expectations did not emerge. However, listeners did
show clear evidence of perceptual adaptation to and
use of the coarticulatory information: over the course
of the task, they relied increasingly on the earlier
disambiguating nasalization in White (relative to
Kleurling) Afrikaans in their perceptual decisions.
Moreover, adaptation patterns were partially specific
to the listeners' native variety, indicating that
listeners' perceptual strategies are complexly
conditioned by the social structure of produced
coarticulatory variation in the Afrikaans speech
community.
Keywords: Afrikaans, coarticulatory nasalization,
production, perception
1. INTRODUCTION
Speakers of different languages and different
varieties of the same language differ in the extent and
timing of anticipatory nasalization of vowels
preceding nasal consonants [7, 9, 20]. Because this
coarticulation is lawful and predictable, listeners rely
on its acoustic manifestation to differentiate words
with and without nasals. English-speaking listeners,
for instance, can distinguish CVC and CVNC words
(bet–bent) based solely on differences between the
vowels (oral vs. nasalized) [1]. However, the extent
to which a listener relies on coarticulatory
nasalization depends on several factors, including the
nasalization patterns in the listener's native language
[3] and the extent to which an individual uses
nasalization in their own productions [2].
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A question that naturally arises is whether
listeners make differential use of nasalization based
on the coarticulatory patterns in the speech of their
interlocutor. Specifically, do listeners adjust their
perceptual strategies to rely more on nasalization for
speakers who produce extensive nasal coarticulation,
and less for speakers who produce less nasalization?
Listeners are known to change their perceptual
strategies based on the actual or presumed identity of
a speaker. Hay and Drager [10], for instance, showed
that listeners change how they identify vowels based
on whether they assume the speaker to be from
Australia or New Zealand. Such adjustments are not
automatic, however, and depend on factors such as
the listener's experience with the patterns associated
with the different language varieties [13], and
potentially also with the differences in prestige
associated with different varieties [12]. Under certain
conditions, even after only limited exposure, listeners
can also rapidly adjust their perceptual strategies to
the properties of a specific speech variety with which
they may not have been previously familiar [8, 14].
In this study, we investigate language users'
differential use of coarticulatory information by
exploring coarticulatory nasalization in the
production and perception of two socio-ethnic
varieties of Afrikaans that have been claimed to differ
in the extent of coarticulatory nasalization: "Kleurling
Afrikaans" and "White Afrikaans".1 Impressionistic
phonetic descriptions of Afrikaans have described
White Afrikaans as having extensive nasalization,
and Kleurling Afrikaans as having limited or even no
nasalization [4, 5, 6, 15]. We first confirm that
speakers of these two varieties differ as claimed in
their production of coarticulatory nasalization, and
then investigate whether, as listeners, these same
individuals make differential use of coarticulatory
nasalization based on whether they are listening to a
speaker of White or Kleurling Afrikaans. Although
recent work shows that how closely a listener attends
to coarticulatory information is linked to that
individual's own production patterns [2], we
nonetheless expect that Afrikaans listeners will adjust
their reliance on nasal coarticulation based on a
speaker's socio-ethnic variety. In this case, listeners
should rely more on nasalization when presented with

(heavily nasalized) White Afrikaans speech and less
when presented with Kleurling Afrikaans speech.
2. PRODUCTION OF COARTICULATION
2.1. Methods

Speakers produced 10 randomized repetitions of 10
CVC words (e.g., /pɔs/ pos 'mail') and 10 CVN(C)
words (e.g., /pɔns/ pons 'punch', /kɑn/ kan 'can'). Each
word was elicited from speakers via simultaneous
presentation of a drawing representing the word and
its orthography.
Participants were 42 speakers of Kleurling and 43
of White Afrikaans who were students at the NorthWest University, Potchefstroom, South Africa.
Speakers read the stimuli in the frame sentence X is
die woord 'X is the word' while holding a soft split
oral-nasal silicone mask tightly against their faces to
capture separate oral and nasal airflow using the
Glottal Enterprises Oral-Nasal Airflow system. Nasal
airflow was extracted from the vowel portion of
CVN(C) words.
2.2. Results

Based on the literature reviewed above, we
hypothesize that nasal airflow should both begin
earlier and potentially have a larger volume in White
than in Kleurling Afrikaans, indicative of more
extensive nasalisation in the former variety.
Statistical analyses were conducted by submitting
nasal airflow measures from CVN(C) words to a
Generalized Additive Mixed Model (GAMM) [17]
using the mgcv [19] and itsadug [16] packages in R
[11]. GAMMs fit data with a sum of smoothing spline
functions (i.e., smooths) [18]. Nasal Airflow was
entered as the dependent variable in the model. Fixed
factors
included
Participant
Ethnicity
(White/Kleurling), Normalized Vowel Duration
(smooth) and their interaction, while Participant-wise
slopes for Word were entered as a random effect. All
terms reached significance.
Figure 1: Model-derived nasal airflow during durationnormalized vowels of CVN(C) words for speakers of
White and Kleurling Afrikaans (random effects excluded)
Speaker
Kleurling
White

Nasal airlow (ml/s)

50

25

0

0

25

50

75

100

Normalized vowel duration (%)
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Model-derived airflow patterns are shown in
Figure 1 (random effects excluded) with shading
around the lines marking 95% confidence intervals.
Inspection of this figure shows that nasal airflow
starts earlier for speakers of White (around 20% into
the vowel) than Kleurling (slightly over 50% into the
vowel) Afrikaans, and also that the overall volume of
nasal airflow is higher for White than for Kleurling
Afrikaans. These findings confirm earlier
impressionistic descriptions of Afrikaans that have
claimed more extensive anticipatory nasalization for
White than Kleurling Afrikaans.
3. PERCEPTION OF COARTICULATION
3.1. Methods

The perception experiment monitored the same
participants' eye movements during audio-visual
trials using an EyeLink 1000 Plus (SR Research)
remote eye-tracker. Target stimuli were 10 minimal
CVC–CVN(C) pairs (e.g., /pɔs/ pos 'mail' – /pɔns/
pons 'punch'). The auditory stimuli were produced by
two female speakers, one of Kleurling and one of
White Afrikaans. To control for the time course of the
unfolding information in these eye-tracking trials,
original stimuli were cross-spliced so that, for each
oral-nasal pair, initial portions of both words (up to
onset of vowel nasalization) were acoustically
identical (e.g., [p] and the oral portion of [ɔ] in pos
and pons were from the same pos token). Splicing
also ensured that the vowels of the Kleurling and
White Afrikaans speakers' nasal stimuli were
nasalized for roughly the final 25% and 80% of the
vowel, respectively. So that similar methods were
applied to all stimuli, final portions of oral words
were also cross-spliced from another token of that
word. Filler stimuli were 10 minimal pairs differing
in oral codas (e.g., /tɑs/ tas 'bag' – /tɑk/ tak 'branch').
Each trial consisted of one auditory and two visual
stimuli. Visual stimuli were black and white line
drawings (also used in the production study)
corresponding to each of the 40 words.
Because the speakers who produced the stimuli
also provided trial instructions (e.g., Kyk na die sketse
'Look at the images'), and because Kleurling and
White Afrikaans differ in multiple phonetic
properties, listeners could readily determine the
Afrikaans variety spoken by each speaker prior to
hearing the target stimuli. Our goals are to determine
whether listeners (i) use the available coarticulatory
information and (ii) have expectations about the
coarticulatory patterns of these two Afrikaans
varieties. To address (ii), stimulus presentation was
blocked into an "oral" block consisting of oral CVC
and filler stimuli followed by a "mixed" block

3.2. Perceptual hypotheses

H1: We expect listeners to rely on coarticulatory
information during perception [1, 2], and therefore
hypothesize that all listeners will look earlier at the
nasal image when hearing a CVN(C) word produced
by the speaker of White than Kleurling Afrikaans
(since vowel nasalization begins earlier in the White
than the Kleurling Afrikaans stimuli).
H2: We also hypothesize that listeners' prior
experiences with these coarticulatory patterns may
lead them to expect earlier onset of nasalization in the
White than the Kleurling Afrikaans CVN(C) stimuli
[10]. This expectation could influence fixations on
CVC words, where vowel orality unambiguously
indicates a CVC target (and eliminates a CVN(C)
competitor) for the White but not Kleurling variety.
Thus, in the oral block, prior to hearing any CVN(C)
words, listeners may fixate on the oral target earlier
in response to a CVC word produced by the White
than by the Kleurling speaker.
H3: Our final hypothesis is that listeners will
rapidly adapt to each speaker's timing patterns and
adjust their perceptual strategies accordingly [8, 14].
Beyond any variety-based expectations they may
bring to the task, these listeners are also hearing
speaker-specific coarticulation: the initial ambiguity
for a given CVC-CVN(C) pair is resolved about 20%
into the vowel for the White speaker's words but not
until 75% for the Kleurling speaker's. Because this
speaker-specific coarticulatory information only
becomes available during the mixed (oral + nasal)
block, learning should emerge in oral-to-mixed block
change in listeners' responses to CVC targets. We
predict that, relative to the oral block, in the mixed
block fixations for the Kleurling speaker's CVCs
should be delayed and/or fixations for the White
speaker's should be faster.
3.3. Results

Statistical analyses were conducted by submitting eye
gaze data to GAMMs with a logit link function. The
structure of the model used is given in Table 1, (K =
Kleurling and W = White).
H1 (that listeners rely on nasal coarticulation) is
assessed by comparing the model-derived target
fixations in response to nasal CVN(C) words
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produced by each of the White and Kleurling speaker,
separately for the White and Kleurling listeners.
Figure 2 shows the model-derived target fixations for
Kleurling and White listeners; shaded portions
indicate where significant differences were found in
the odds ratio of fixations on the target image for the
White vs. Kleurling speaker. As predicted, both
White and Kleurling listeners are faster to fixate the
nasal target for the White than Kleurling speaker,
indicating that both listener groups rely on the earlier
disambiguating nasalization in White Afrikaans.
Table 1: List of fixed and random effects in model

Fixed
Factors

Fixed
Smooths
Random
Smooths

Speaker Ethnicity (K/W),
Participant Ethnicity (K/W),
Target Nasality (Nasal/Oral),
Block (Oral/Mixed), Speaker x
Participant Ethnicity, Speaker x
Target Nasality, Speaker x Block,
Participant Ethnicity x Target
Nasality, Participant Ethnicity x
Block
Time, Time x Speaker,
Time x Participant Ethnicity,
Time x Target Nasality
Participant by Target Word

Figure 2: Model-derived target fixations to nasal
(CVN(C)) targets by Kleurling and White listeners
according to speaker (random effects excluded)
CVN(C) fixation proportion

consisting of all stimuli (oral, nasal, filler). Listeners
heard multiple randomized repetitions of all stimuli,
with half of the repetitions of the oral stimuli
occurring in the oral block. All listeners completed a
perception task based on the stimuli produced by both
the White and Kleurling Afrikaans speakers,
presented on separate days in an order
counterbalanced across participants.
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We assess H2 and H3 (concerning perceptual
expectations and adaptation) by comparing modelderived fixations on oral (CVC) targets produced by
the Kleurling and White Afrikaans speakers in oral
and mixed blocks. The top panels of Figure 3 show
that H2 (the "expectation" hypothesis) is not upheld.
In the oral block, prior to hearing any CVN(C) words,
neither Kleurling nor White listeners have earlier
fixations on CVC targets when hearing the White
speaker's utterances than the Kleurling speaker's.
Thus, either listeners' knowledge of coarticulatory
nasality (and orality) in these varieties did not
facilitate perception prior to exposure to these
speakers' nasal productions or listeners lacked such
knowledge about the different varieties.

Figure 3: Model-derived target fixations to oral
(CVC) targets by Kleurling and White listeners
according to speaker and block (random effects
excluded)
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0.75

CVC fixation proportion

Kleurling
White

0.50
0.25

Oral Block

0.00
1.00

Oral Block

0.75
0.50
0.25
0.00

Mixed Block
0

250

500

750

Mixed Block

1000 0

250

500

750

1000

Time from vowel onset (ms)

However, as predicted by H3, listeners did adapt
to the coarticulatory patterns: in the mixed block
(Figure 3 bottom panels) listeners fixated on the
target image earlier when hearing the White than the
Kleurling speaker's CVC stimuli.
Figure 3 (bottom) also shows that the temporal
domain of significant target fixation differences to the
White vs. Kleurling stimuli (shaded region) is more
extensive for the Kleurling than the White listeners.
That perceptual adaptation is more robust for the
Kleurling listeners emerges as well in these listeners'
fixations on competitor (CVN(C)) images. Figure 4
shows that, when responding to CVC stimuli,
Kleurling Afrikaans listeners were less likely to
incorrectly fixate on the CVN(C) images in the mixed
than in the oral block that preceded it—that is, they
were less likely to interpret an oral vowel as
consistent with CVN(C) once they had gained
information about coarticulatory nasalization for the
Kleurling (left) and White (right) speakers. In
comparison, for the White listeners (not shown here),
nasal competitor looks were not significantly
different for the oral vs. mixed blocks for either the
Kleurling or White speaker.

CVN(C) fixation proportion

Figure 4: Model-derived nasal competitor fixations
for auditory oral targets by Kleurling listeners
according to speaker and block (random effects
excluded)
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4. DISCUSSION
In this paper, we presented confirmation of earlier
claims, based on impressionistic observation, that
coarticulatory nasalization is more extensive in White
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than Kleurling Afrikaans (Figure 1). With regard to
the perceptual use of coarticulatory nasalization, we
showed that both Kleurling and White listeners rely
perceptually on this information (H1), as evidenced
by earlier looks to a nasal CVN(C) target for the
White than for the Kleurling speaker (Figure 2).
We also found evidence for adaptation of
perceptual strategies (or perceptual learning) by both
Kleurling and White listeners (H3). Although neither
listener group showed different fixation patterns for
the different speakers in the oral block, both groups
looked earlier in the mixed block in response to the
oral CVC produced by the White than the Kleurling
speaker (Figure 3). This adaptation was more robust
for Kleurling than for White listeners—a difference
that is further supported by the finding that, when
presented with an oral CVC auditory target, Kleurling
(but not White) listeners were less likely to
incorrectly fixate on nasal CVN(C) images in the
mixed than the oral block (Figure 4). Given that
White Afrikaans is the "standard"/prestige variety of
the language, speakers of Kleurling Afrikaans have
more exposure to both varieties than speakers of
White Afrikaans. The more robust adaptation for
Kleurling listeners may hence indicate that these
listeners are generally more attuned to variation in
coarticulatory nasalization than White listeners.
Counter to H2, we did not find evidence that
listeners brought to the task variety-specific
expectations about patterns of coarticulatory
nasalization. The absence of earlier looks to the CVC
target images for the White than the Kleurling
speaker's stimuli in the oral block (Figure 3) could
mean that absence of velum lowering is less
informative than its presence [1]. Alternatively, it
may be that listeners lack knowledge of the
coarticulatory timing patterns in White and Kleurling
Afrikaans. Also possible is that, in this task, listeners
relied less on variety-general patterns and more on
individual speaker differences (hence the adaptation
from the oral to the mixed blocks). Had we used
several speakers of each variety, listeners may have
generalized to the patterns typical of each variety, and
we may have been able to find evidence for
expectation-based differential reliance on varietyspecific coarticulatory information.
This research shows that the perceptual strategies
of listeners can be conditioned in complex ways by
the social structure of produced variation in a speech
community. One of the broader goals of our research
program is to understand how production and
perception patterns in individual speaker-listeners are
related. These results show that, to understand this
relation at the individual level, it is necessary to take
into account the social context in which the speech is
embedded.
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We acknowledge the problematic nature of the terms
"White Afrikaans" and "Kleurling Afrikaans." The socioethnic groupings indicated by "White" and "Kleurling" are
problematic constructs that oversimplify the lived realities
of Afrikaans-speaking individuals. For example, not all
participants in this study self-associated with one of these
two terms. In the post-experiment survey in which they
indicated their affiliation with different sub-groups of the
Afrikaans speech community, participants considered to be
speakers of Kleurling Afrikaans for the purposes of this
study typically self-identified as "Kleurling", "Coloured"
or "Brown", while those considered here to be speakers of
White Afrikaans all self-identified as "White". Similarly,
not everyone who may self-identify as belonging to one of
these two socio-ethic groups necessarily speaks the variety
of Afrikaans traditionally associated with that particular
group. The terms are used here as convenient labels only to
refer to two parts of what is likely a dialect/style
continuum, rather than two distinct varieties of the
language.
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context of the existing literature (§1.2.). Finally, we
review already existing evidence and present revised
diagrams for laryngeal states (§2) and some novel,
illustrative articulatory evidence in favour of the
taxonomy proposed here (§3).

ABSTRACT
Regarding phonatory settings associated with
abducted glottal states, under which fall phenomena
such as breath, breathiness, breathy voice, murmur,
noisy voice, slack voice, whisper, whisperiness, and
whispery voice, researchers assume that the primary
(and often the sole) difference between these derives
from different degrees of glottal opening. This
picture emerges from our overview of foundational
documents in phonetics, including introductory as
well as advanced textbooks, linguistic dictionaries,
seminal papers, and specialised monographs.
The purpose of this paper is to draw attention to
the treatment of these abducted glottal states in a
theory of laryngeal articulation that demonstrates
with articulatory evidence that the assumptions
behind these phonetic texts do not adequately
capture the articulatory reality, in particular, that
they ignore the role of the epilarynx. Presenting a
collection of novel research, we show that
epilaryngeal function is essential in distinguishing
the subtypes of abducted glottal states.

1.1. Defining breathiness and whisperiness

Breathiness and whisperiness can be thought of as
two broader larynx states which subsume breath and
breathy voice and whisper and whispery voice,
respectively. What breathiness and whisperiness
have in common from an articulatory point of view
is that they both involve a glottal opening. However,
this glottal opening is typically narrower for
whisper, although variation exists in this regard [10,
34 (176)]. Crucially, whisperiness involves
constriction of the epilarynx [10] – the upper twothirds of the larynx found immediately above the
vocal folds, with the ventricular folds forming the
lower epilarynx, the aryepiglottic folds forming the
upper epilarynx, and the epiglottis forming its
anterior boundary – accompanied by the raising of
the larynx, whereas breathiness is characterized by
the absence of this supraglottal constriction and is
usually accompanied by larynx lowering.
The epilarynx is the central structure constituting
the laryngeal articulator, as described in the
Laryngeal Articulator Model [9]. The laryngeal
articulator, or laryngeal constrictor mechanism, is
responsible for glottal and pharyngeal/epiglottal
speech sounds, but its activity, ranging from widely
unconstricted (as in inspiration) to massively
constricted (as in epiglottal stop), accounts for a
range of phonatory and vocal register phenomena
and covariation between vowel quality and laryngeal
state [8, 9, 11, 22, 23, 24].
The distinction between breath and breathy voice
then lies in whether the vocal folds vibrate or not.
Whilst breath does not include glottal vibration,
breathy voice does. The same applies to the
distinction between whisper and whispery voice, but
with the addition of laryngeal constriction ([10, see
also 9, 22]). Note that these categories are phonetic;
the conversational register of whispering can be
produced with breath and/or whisper.

Keywords: abducted glottis, breathiness, whisper,
whisperiness, epilaryngeal constriction.
1. INTRODUCTION
Phoneticians working with phonatory settings
associated with abducted glottal states have been
using a wide range of terms to describe and refer to
these, including breath, breathiness, breathy voice,
murmur, noisy voice, slack voice, whisper, and
whispery voice [1, 4, 7, 10, 13, 17, 19, 20, 29, 34].
This has brought some amount of confusion in the
field [10, 17 (49–50)], not only because of the
number of terms used but also because a single term
is sometimes used to refer to different phenomena
(see section 1.2. below). The present paper therefore
has the following goals.
Firstly, following Esling & Harris [10], we bring
forward a taxonomy in which there are two main
phonatory settings associated with abducted glottal
states: breathiness and whisperiness (§1.1., but also
[10 (350–1)]. Secondly, we set this taxonomy in the
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states of the glottis, but the latter is explained as a
more constricted glottis, with the airstream flowing
primarily in the opening between the arytenoid
cartilages, i.e. through a smaller posterior glottal
gap, which is supposed to result in higher intensity
friction [1 (35–26), 18 (132, 190, 198), 19 (115,
120–121, 133), 34 (176), additional references in 10
(349)]. Laver [19 (133)] specifically states that,
auditorily, ‘the transition from breathiness to
whisperiness is part of an auditory continuum, and
the placing of the borderline between the two
categories is merely an operational decision’, and,
articulatorily, the main difference is based on the
medial compression involved. Zemlin [34 (176)]
adds that, additionally to a difference in the degree
of glottal opening, the arytenoids are ‘toed in’ during
the production of whisperiness, as opposed to
breathiness.
The difference between the two phonatory
settings has also been discussed in terms of a degree
of laxness or muscular relaxation [18 (418)],
although crucially, whisperiness, unlike breathiness,
can co-occur with laryngeal tension [19 (146)].
Laver [19 (121)] mentions van den Berg [3 (297)],
who presents a rather rare example of a text
acknowledging that the air stream may be modified
further above the glottis during whisperiness,
although the exact words in [3 (297)] state that the
friction is generated ‘above the larynx’ rather than
above the glottis itself and still within the larynx.
Finally, Gauffin’s two-dimensional model [20 (151)]
portrays the difference between ‘breathy voice’ and
‘whispering’ (as well as ‘murmur’) as based on the
degree of glottal adduction but also the degree of
laryngealization.

1.2. Abducted glottal states in previous literature

Some phonetics researchers and teachers working
with phonation focus on breathiness and have little
to say about whisperiness, if anything at all [4, 13, 7,
29, 17]. At first blush, this may be due to the fact
that breathiness would seem to be used for
contrastive purposes more frequently than
whisperiness, although there is no doubt that both
are used widely for a range of paralinguistic
purposes (e.g. [2, 5, 12, 14, 19 (135, 140), 18 (200),
21, 27, 30, 32, 33]), which is a good enough reason
for the difference to be of relevance to linguists.
Nonetheless, both breathiness and whisperiness can
be contrastive with modal (and other) phonatory
settings, noting also that voiceless pharyngeal
fricatives are produced using a whispery laryngeal
setting [1 (117), 10 (366–367), 19 (135)]. We
therefore conclude that acknowledging and
distinguishing breathiness and whisperiness as two
different phonatory settings is necessary within
phonetics, phonology, typology, sociolinguistics,
and language variation and change.
Considering those phonetics researchers and
teachers who do distinguish breathiness and
whisperiness, they 1. do not necessarily use the same
terminology as other researchers and teachers and 2.
most often do not depict the articulatory difference
accurately. We discuss each point in what follows.
Crystal [7] suggests that the terms breathiness
and murmur are interchangeable but seem to be used
for breathy voice as defined here. Zemlin [34 (174–
176)] puts the terms breathiness, breathy voice, and
noisy voice on par, and these are to be distinguished
from whispering and whisper (which are used
interchangeably). Stevens [29 (87)] and Borden et al.
[4 (75)] use the term breathy voicing/voice for
breathy voice as defined here. Ball & Rahilly [1
(36)] seem to be using breathy voice and whispery
voice as defined here; however, their terminological
explanation is not the same solution that we present
here. Their terms breathy voice and whisper [1
(117)] are intended to refer to what are labelled
breathy voice and whispery voice here. Laver [18
(190, 199, 418–419), 19] and Esling & Harris [10]
are the most detailed in distinguishing breath and
breathy voice, and whisper and whispery voice, in
the usage we adopt here. Laver [18 (200)] further
informs us that ‘Ladefoged’s term for whispery
voice is murmur’, which differs from the sense of
the term ‘murmur’ as outlined in [7].
The vast majority of the literature that
acknowledges breathiness and whisperiness as two
different settings determines that the articulatory
difference between the two is a matter of the degree
of glottal opening. Both are described as abducted

2. EPILARYNGEAL CONSTRICTION
It is clear that breathiness and whisperiness share the
state of openness at the glottis but that they can be
distinguished by differing states of the epilarynx. It
must also be pointed out that breath, without any
alterations to the cavities above the glottis, has a
fully open, unconstricted laryngeal articulator, where
the epilaryngeal tube is open, from glottis to
abducted aryepiglottic folds. Thus, the characteristic
V shape that is often attributed to the glottis in the
state of breath must be treated as a function of the
open laryngeal constrictor mechanism, not just of
the glottis itself (which will prove crucial in
explaining the Y shape associated with
whisperiness).
The critical difference between breathiness and
whisperiness is the addition of laryngeal
constriction, narrowing the tube to generate the
auditory effect of whisperiness by causing more
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be expected, these abstract away much detail, but,
with a few evocative lines and supraglottic shading,
they emphasize the epilaryngeal component of
whisperiness along with concomitant glottal aperture
changes. Voicing (the other parameter distinguishing
these four states) is depicted with a simple,
suggestive wobbling of the vocal folds.
The different varieties of whisper described by
Catford [6] can be interpreted as varying functions
of the tightness of the epilaryngeal tube and of the
consequent vertical compression of this tube due to
larynx height adjustments.

turbulent airflow and, therefore, more noise than
breath. Fig.1 shows laryngoscopic views of phonetic
productions illustrating the difference. This
difference is due to the formation of a narrow
passage from the glottis through the aryepiglottic
folds at the upper edges of the tube. Coronal
magnetic resonance imaging in [15] clearly shows
the high degree of epilaryngeal narrowing, the
vertical extent of which is not entirely apparent in
laryngoscopic views. To constrict the epilaryngeal
tube, contraction of the external thyroarytenoid,
which is thought to be one of the main agonists of
such narrowing, recruits fibres that insert into the
fovea oblonga on the lateral surface of the
arytenoids, and the craniolateral extensions of these
muscles even wrap around to interdigitate with the
transverse interaytenoid muscle [28]. The bending of
the aryepiglottic folds, repositioning the cuneiform
cartilages, exerts a significant effect on the
reshaping of the glottis. Whereas breathiness
involves sufficient interarytenoid activity to
maintain corniculate contact with relaxation of the
adductors to sufficiently open the glottis to a
moderate width (as seen in Fig 1), whisperiness
involves activating laryngeal constriction, causing
simultaneous narrowing of the glottis, which, when
the vocal folds are partially abducted, results in the
characteristic Y-shape evident in laryngoscopy.

Figure 2: Breathiness vs. whisperiness: revised
laryngeal cartoons; light gray shading indicates the
laryngeal constrictor.

Figure 1: Laryngoscopic view of breathiness vs
whisperiness. Abbreviations: ae = aryepiglottic
folds, c = cuneiform tubercles, et = epiglottis
(tubercle), f = ventricular (false) folds, k =
corniculate tubercles, m = inner mucosa of the
epilarynx, pf = piriform fossae, ppw = posterior
pharyngeal wall, t = vocal (true) folds, tr = trachea.
Lines: dashed line = aryepiglottic folds (margin of
upper epilarynx), dotted line = medial edge of
ventricular folds.

3. LARYNGEAL ULTRASOUND CASE STUDY
Given that whisper is a constricted state, we expect
that it will naturally pair with larynx raising, while a
state such as breathy voice will pair with larynx
lowering, being unconstricted [19 (31), 23]. Here we
provide some pilot data obtained using laryngeal
ultrasound that suggests this pattern may hold.
The second author counted (in English) from 1 to
10. On odd numbers, modal voice was employed; on
even numbers, either (A) breathy voice or (B)
whisper (note: not whispery voice) were engaged.
Vertical laryngeal displacement was observed by
means of laryngeal ultrasound following the
methods in [26], but instead using a L12-5L40S 64
(40 mm, 5–12 MHz) linear ultrasound transducer
with a SonoSpeech micro ultrasound system and
AAA software (Articulate Instruments).
The raw ultrasound data then underwent optical
flow analysis, using the imregdemons() algorithm
in MATLAB 2018b on frame pairs (with reduction to
25% original size) to acquire displacement fields. To
obtain a vertical velocity signal, we used the

Since ‘laryngeal cartoons’ are popular in
pedagogical materials [e.g. 1 (31)], we offer updated
versions (Fig. 2), which are a revision enhanced
from a flat larynx to a ‘whole larynx’ [24]. As is to
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trimmean() function, excluding the lowest and

principally on the glottis, while in whispery voice,
the airflow is channelled through the narrowed tube
formed between the cuneiform cartilages and the
base of the epiglottis, generating increased
turbulence/ noise, and where the soft tissues adjacent
to this channel can be set in motion. Specifically, the
change in glottal shape from V-shaped in breathiness
to Y-shaped in whisperiness is purely a function of
the addition of (epi)laryngeal constrictor adduction.
This relationship could be tested using
computational biomechanical modelling, as in [25].
Computational fluid dynamic modelling could help
to establish more precisely the contributions of
glottal shape and epilaryngeal channeling to noise
production in whisperiness. Although larynx height
differences illustrated here in our case study reflect
the expectations of the laryngeal articulator model –
with
whisperiness
engaging
epilaryngeal
constriction and thereby occurring with larynx
raising, which facilitates and is therefore the natural
height predisposition for such constriction – further
experimental studies are required to provide more
conclusive evidence that the relationship between
phonation type and larynx height indeed holds.
One parallel element to examine in the presence
of voicing is fo. The question is whether fo is lower in
breathy voice (than in modal voice), as suggested in
[31 (3646)] and as indicated by larynx height
movements in the case study presented here.
Furthermore, it would be worthwhile to examine
whether the frequency of glottal vibration alters
when whispery voice is engaged. The number of
articulatory variables that the laryngeal constrictor
brings to the production of voice applies to whispery
voice, which could lead voicing to be either higheror lower-pitched than breathy voice, depending on
horizontal and/or vertical compression factors.
A corollary issue is whether the laryngeal
constriction that enables whispery voice also induces
greater harshness, as a result of the effect of
horizontal/vertical compression on the vibratory
cycle (the propensity for vocal-ventricular fold
coupling to occur). Kohler’s [16] note on Lady
Bracknell is a possible case of whisper even
becoming growl (epilaryngeal vibration). Laver [19]
points out the expanded combinatorial possibilities
with other phonation types that can be identified
with whispery voice. Such combinations are likely
to be found in sound systems that exploit the
laryngeal articulator, especially in languages that
realize tonal registers.

highest 25% values (and taken only over the
superficial half of the video frame to prevent
contamination by vocal fold flutter). Finally, the
velocity signal was numerically integrated with the
cumtrapz() function to obtain the larynx height
signal. The results of this procedure appear in Fig. 3.
Figure 3: Larynx height variation during
alternation between modal voice and breathy voice
(A) or whisper (B) in counting sequences.

As Fig. 3A illustrates, breathy (even numbered)
syllables correspond with larynx lowering events.
Fig. 3B shows the opposite pattern for whisper,
where the larynx raises on whispered (even
numbered) syllables. Replication with phonetically
naïve participants is desirable, but their behaviour
will be linguistically motivated and could vary
between phonetically breathy and whispery quality.
The differential larynx height patterns can be
directly connected with the predispositions of the
laryngeal articulator, with unconstricted settings
(like breathy voice) favouring a lowered larynx and
constricted ones (like whisper) favouring a raised
larynx.
4. CONCLUDING REMARKS
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psychoacoustic contexts (“sibilant pitch”, [27]) or
whispered speech [11]. However, studies by Niebuhr
[15–19] have shown that speakers vary the spectral
energy distributions of fricatives systematically
according to the adjacent F0 context. Furthermore,
perception experiments have provided evidence that
these spectral differences in voiceless obstruents
create pitch impressions in listeners that are
integrated with the voiced parts of an utterance and
interpreted as part of the global intonation pattern
[17], similar to the “picket-fence effect” in
psychoacoustics [4]. Other studies have refined the
notion of segmental intonation [6] and provided
evidence for it in languages like Polish and English
[24, 31, 32, 21]. These studies have all shown that
spectral center of gravity (CoG) can capture
segmental intonation with respect to both the
acoustic manifestations and their reflections in the
perception of fricative pitch.
Most previous studies have examined
intonational differences at major prosodic
boundaries conveying pragmatic differences such as
sentence modality (question vs. statement), e.g. [17,
18]. This has left open the question of whether
segmental intonation is produced with the (implicit)
goal of perceptually filling in gaps in F0 or reflects a
meaning-driven change in articulatory effort. The
only studies looking at segmental intonation
utterance-medially are both on German [18, 13].
However, to decide between segmental intonation
being a filler of F0 gaps or a meaning-driven effort
change, cross-linguistic studies examining similar
F0 gaps in different contexts are required. One goal
of the current study is to help resolve this question.

ABSTRACT
We examined the “segmental intonation” hypothesis
[17], according to which voiceless consonants
contain spectral information that may contribute to
the percept of high or low pitch in the absence of
fundamental frequency (F0). French speakers read
target words embedded in a carrier phrase and
containing fricatives in accentual phrase-initial,
-medial or -final position (e.g. sidéré ‘stunned’,
nécessite ‘require’, ressaisisse ‘seize again’),
expected to correspond to regions of low,
intermediate or high F0, respectively, as well as
control words containing only sonorants (e.g. laminé
‘rolled’). Analyses show lower center of gravity
(CoG) for word-initial (low F0 region) than for
word-final (high F0 region) fricatives. For wordfinal fricatives, CoG is higher at the end than in the
beginning of the fricative, which may contribute to
the percept of the continuation of the F0 rise across
the preceding vowel.
Keywords: segmental intonation, F0 perturbation,
sibilant pitch, French, accentual phrase, CoG.
1. INTRODUCTION
A small but growing body of research has shown
that the spectral characteristics of voiceless
consonants vary according to intonational context, in
line with the “segmental intonation” hypothesis [17].
Rather than simply perturbing the fundamental
frequency curve of an utterance, as has been
traditionally assumed [9, 2], voiceless consonants
have been shown to contain spectral information that
may contribute to the percept of high or low periodic
pitch in the absence of fundamental frequency (F0).
Frication noise is known to create pitch
impressions in listeners in the absence of F0. For
example, in his chapter on fricatives, Johnson [7]
notes: “When you make a series of fricatives starting
from a pharyngeal constriction and moving the
constriction forward to the alveolar ridge, you may
be able to hear a change in the ‘pitch’ of the
fricative” (p. 157). These pitch impressions,
however, have traditionally only been considered to
be relevant in particular contexts, such as

2. METHODS
We examined whether the CoG of French voiceless
fricatives differed according to whether they
appeared adjacent to regions of low, intermediate or
high F0. CoG was selected because it is closely
correlated with perceived fricative pitch and has
been found to respond very sensitively to changes in
fricative articulation across languages (see [1, 22]),
and also because it allows us to compare our results
with those of previous studies.
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of 12 items per fricative. In addition, there were six
control words containing only sonorant segments.
Each item was repeated three times in the list,
and the order of the list was pseudo-randomized.
Here we report results for the sibilant fricative /s/.
Analysis of the other two fricatives is ongoing.
Target words were embedded in the carrier in (1).

2.1. Materials

To place fricatives in regions expected to be
produced with low, high or intermediate F0, we
exploited a tonal scaling regularity reported in the
literature. In French, accentual phrases (APs) that
are not utterance-final are typically realized with an
F0 rise that reaches its peak late in the last full
syllable of the AP. If an AP is long enough, another
rise is often realized with its starting point at the
beginning of the first content word of the AP.
Typically, APs that contain at least three content
word syllables are produced with this two-rise (early
rise-late rise) L1H1L2H2 pattern [8, 28]. Crucially,
the late rise typically begins at a higher F0 than the
early rise, i.e. L2 is higher than L1 [28].
The critical intonational differences here do not
convey pragmatic differences. They are, however,
important for listeners in distinguishing between the
early rise (L1H1), which is a cue to a content word
beginning in word segmentation and lexical access
[29, 26], and the late rise (L2H2), whose peak signals
the end of the AP [12]. Previous research has
established differences in the realization of these two
rises, including the scaling differences outlined
above, as well as differences in the shape of the
peaks (simple vs. plateau) and the slope of the rise
[25, 29]. Preliminary results suggest that voiceless
segments render these intonational cues less salient,
particularly when they interrupt F0 turning points
[30].
A set of target words was constructed using the
Lexique database [14] to identify candidates with the
required properties. They were three-syllable content
words, with a voiceless fricative in word-initial,
-medial or -final position. Given the tonal scaling of
the L1H1L2H2 pattern, these positions correspond to
relatively low, intermediate or high F0 in the
adjacent region. Examples are given in Table 1.

(1) Et « X » t'était proposé.
‘And “X” was suggested to you.’
2.2. Participants

Participants were 15 female native speakers of
French, who had been raised in mainland France,
and were currently attending university.
2.3. Procedures

Participants were instructed that they would read
sentences with the structure given in (1), which
could be imagined as part of a conversation about a
crossword puzzle.
Each participant was recorded individually in a
sound attenuated room. The words in the carrier
phrase were presented one-by-one on a computer
screen. Participants were instructed to read the
sentence first silently and then out loud, at a normal
speaking rate. Recordings were made using an AKG
C520 head-worn microphone and a Zoom H4nSP
Handy recorder at a sampling rate of 44.1 kHz.
a.
b.
↓word- initial
350

Fundamental frequency (Hz)

Fundamental frequency (Hz)

350
300
250
200
150

0
a

m
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Table 1: Example target words for /s/
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The three voiceless fricatives of the French phoneme
inventory – /s/, /ʃ/, and /f/ – were included in the
recordings. The segmental context surrounding the
target fricative was controlled to minimize the
influence of coarticulation. Four words were
selected for each of the three positions, giving a set

s

e

350

150

Time (s)
e

ne

H1

c.

sidéré
‘stunned’
nécessite
‘require’
ressaisisse ‘seize again’

0

e

laminé
L1

Gloss

i

Fundamental frequency (Hz)

all-sonorant control

Word

200
150

0.5
l

e

Expected
relative F0
of adjacent
region
low
intermediate
high

250

Time (s)
e
et

Position
in
L1H1L2H2
AP
initial
medial
final

300

t

0

0.5
Time (s)
e
e
et

ʁ

ə
ʁə

s

ɛ
sɛ

z

i

s

zis

ressaisisse

Figure 1. Example productions of a.) an all-sonorant
control word and target words with /s/ in b.) word-initial,
c.) word-medial, and d.) word-final position, L1H1L2H2
AP pattern.
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Each sentence was saved as individual sound file,
and an automatic segmental and syllabic annotation
was generated using the EasyAlign forced alignment
plug-in [5] for Praat [3]. For each sound file, the
waveform and spectrogram and associated
annotation were inspected, and clear errors in critical
boundaries (e.g. beginning and end of target
fricatives) were manually corrected. Example
productions are shown in Fig. 1.

A linear mixed-effects model was fitted to the mean
F0 values, with Position in the word (word-initial,
word-medial, word-final) as fixed effect, Participant
and Item as random intercepts. A significant
difference was found between F0 in word-initial
position (209 Hz, SD = 19) and in word-medial
position (225 Hz, SD = 21, b = 16.304, SE = 1.821,
t =8.954 , p < 0.0001), and between F0 in wordinitial position and in word-final position (253 Hz,
SD= 34, b = 43.826, SE = 1.821, t = 24.069, p <
0.0001). Note that because there is a rise across the
final syllable, F0 in word-final position is higher
than that in word-medial position (see Fig. 1a).
We then took CoG measurements within a
frequency range of 2 and 12 kHz on the basis of
spectral slices, with a 10 ms Gaussian window
centered on the first, second, and last third of the
fricative. Mean CoG was calculated on the basis of
these slice values.

2.4. Analyses

Acoustic analyses were performed in Praat, and
statistical analyses were performed using
generalized linear mixed models in R [23] and the
package lme4.
3. RESULTS
3.1. Intonation patterns

3.2. Center of gravity

A first step inspection of the all-sonorant control
items (e.g. laminé) was manually performed to
confirm that speakers had produced the required
two-rise L1H1L2H2 pattern across the target AP,
resulting in the exclusion of the data of six of the 15
participants. These participants produced a variety of
other patterns, including falls, e.g. a slightly falling
L1H1H2, and pitch patterns consistent with narrow
focus (see [20] for this common issue with sentencelist elicitations). In a second step automated by a
Praat script, the F0 of the control items was
measured at three different points: midpoint of the
first third of syllable 1, midpoint of the first third of
syllable 3, midpoint of the last third of syllable 3,
corresponding to word-initial, -medial, and -final
position, respectively, for the critical target words.
After this second check, the data from one additional
participant were excluded. All analyses are based on
the data of the eight participants who produced the
required intonation pattern (see Fig. 2).

We first compared mean CoG across the three
positions in the word (Fig. 3).

Figure 3. Mean center of gravity for /s/ by
position of the fricative in the word.

A linear mixed-effects model was fitted to the CoG
values, with Position in the word (word-initial,
word-medial, word-final) as fixed effect, Participant
and Item as random intercepts. A significant
difference was found between the mean CoG in
word-initial position (7860 Hz, SD = 995) and in
word-final position (7960, SD = 989, b = 141.26,
SE = 76.54, t = 2.285, p = 0.0231). This CoG
difference of about 100 Hz is slightly smaller than
those reported in previous studies (e.g. [17, 21]), but
note the same also applies to the associated F0
difference. No difference between mean CoG in
word-initial position and in word-medial position
was found (7688 Hz, SD = 874, b = -141.26,
SE = 76.54, t = -1.846, p = 0.0661).
It is clear from Figs 1 and 2 that the position of
the fricative in the word corresponded to the
expected differences in adjacent F0 (initial: low F0,
final: high F0, medial: intermediate F0). There is,

Figure 2. Mean F0 of all-sonorant control items at
word-initial, -medial, and -final position.
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however, another intonational difference between
the word-final position and the other two positions,
one that is apparent in the all-sonorant control items
(Fig. 1a). In the materials, word-initial fricatives are
at the boundary between the proclitic function word
et and a content word and thus straddle a (missing)
F0 “turning point”, the low starting point of the early
rise (L1H1) of the L1H1L2H2 pattern. Word-medial
fricatives, which are in onset position of the last
syllable, also often straddle a missing turning point,
the Low starting point of the late rise (L2H2). The
realization of a word-medial fricative at a turning
point is less systematic, however, since L2 can be
realized earlier or later, for example, well into the
vowel of the last syllable. The word-final position,
however, corresponds to the continuation of a fairly
linear rise in F0 starting from the L2 of the late rise
(L2H2) and continuing across the vowel nucleus of
the last syllable. We examined whether this
difference was reflected over the time course of the
fricatives.

3.2. Intensity

A final mixed effects model examined mean
fricative intensity, since this parameter can also
cause changes in perceived fricative pitch (see [17]).
No differences were found. We thus have no
evidence that intensity differences play a role in
French segmental intonation.
4. DISCUSSION
The results provide confirmation for and extend a
number of research findings on segmental
intonation. First, sibilants in regions of low F0 have
lower mean CoG than those in regions of high F0.
This cue to fricative pitch had been found in many
other studies for a number of other languages [15–
19, 21, 24, 31, 32], but never in non-utterance-final
position in a language other than German [13, 19].
CoG differences in most earlier studies were larger,
but also co-occurred with larger F0 differences. The
present study found a CoG difference of 100 Hz for
an F0 difference of about 40 Hz (or 3.2 st). In [17], a
CoG difference of about 500 Hz was found for an F0
difference of about 120 Hz (or 12.3 st). Across all
studies, a rule of thumb emerges that for /s/ every 2–
3 st causes a CoG change of about 100 Hz. Different
proportions seem to apply to other fricatives.
Second, unlike in earlier studies, the critical F0
differences were not associated with meaning
differences. The current study provides the first clear
empirical evidence that segmental intonation does
not reflect a meaning-driven change in articulatory
effort, but rather is produced with the (implicit) goal
of perceptually filling in gaps in F0 [17, 18].
Third, the development of CoG over time
differed for fricatives that interrupted fairly linear
stretches of F0 (word-final /s/) and those that
interrupted turning points (word-initial and -medial
/s/). This finds a parallel (albeit a preliminary one) to
findings that the voiceless fricatives can perceptually
bridge gaps in F0 when they interrupt a fairly linear
stretch of F0, but not when the perturbation occurs at
an F0 turning point [13]. Similarly, [24] also
stressed the need to look at CoG time courses. This
study found differences in the development of CoG
over time between low and high boundary tones,
pointing to tonal-target realizations inside voiceless
fricative segments. In our study, the fact that the
CoG across word-final /s/ continues the F0 rise on
the preceding vowel also points to a “non-tonal”
tonal target at the end of the /s/. Other researchers
have reported voice quality correlates to pitch targets
[10]. These findings suggest that models of
intonational phonology should take into account
correlates of pitch other than F0.

Figure 4. Center of gravity for /s/ by position in
word and fricative time slice: 1st third (yellow),
2nd third (white), 3rd third (gray).

Fig. 4 shows CoG across the first, second, and third
time slices (thirds) for each of the positions of the
fricative in the word. In word-final position, there is
a steady CoG rise from the first to the last fricative
time slice. A linear mixed-effects model was fitted
to the CoG values with Time slice (1st third, 2nd
third, 3rd third) as fixed effect, Participant and Item
as random intercepts. CoG in the last third (8524 Hz,
SD = 1029) was higher than CoG in the second third
(8245 Hz, SD = 1091, b = -313.2, SE = 130.954,
t =-2.392, p = 0.0174) and from CoG in the first
third (7347 Hz, SD = 1164, b = -1283.05,
SE = 133.76, t =-9.592 , p < 0.0001). For /s/ in both
word-initial and in word-medial position, CoG is
higher at the midpoint (second third) than that at the
first third and the last third (all p’s <0.0001).
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enters a trade-off relation with speech signal when
the latter is deprived of one of its underlying cues –
namely, fundamental frequency [12]. Are
articulatory or facial gestures then more pronounced,
contributing more intensively to the understanding
of speech? In this paper we will concentrate on
articulatory gestures only, but further work is in
progress to integrate facial gestures such as eyebrow
motion as well.
Questions regarding whispered speech and tradeoff relations have thus far scarcely been addressed in
the literature, with the exception of [6], which
revealed that perception of prosodic focus in French
whispered speech is difficult to discern when based
on acoustic signal only. In addition, reaction time
measurements showed that when acoustic cues are
not sufficient, as is the case with whispered speech,
adding vision (i.e. oro-facial expressions) decidedly
enhances perception of prosodic focus, leading to
much faster reaction times.
Our study differs from [6] in that it does not
investigate perception but production of whispered
speech. In particular, it sets out to examine lip
aperture in whispered as opposed to normal speech
mode. We hypothesize that the lip aperture is larger
in whispered than in normal speech, thereby
compensating for the degraded speech signal.
Previous research has also investigated whether
the relation between speech and gestures is in
function of mutual visibility. Again, several studies
have concentrated on hand gestures (see [2] for a
summary) and shown that the gesture rate decreases
when interlocutors are not mutually visible.
Our study extends the repertoire of gestures by
examining lip aperture, which is an obligatory
articulatory gesture and thus differs in nature from
e.g. hand gestures. Our aim is also to help to
understand whether lip aperture varies depending on
situational context. In this regard, our goal is to
investigate whether participants speak with a larger
lip opening when not visible to each other.
Furthermore, as shown in our previous study
[17], lip aperture is larger in questions than in
statements. The present study takes this pragmatic
factor into account by creating a more ecologically
valid setting, in which the sentences are produced
during the interaction with the interlocutor (and not
read from a computer screen as in [17]). In addition,
the production of the sentences is investigated in the

ABSTRACT
Speakers flexibly adapt their speech production to
situational demands. This study investigates the
extent to which speakers adjust their articulation in
terms of lip aperture depending on (i) the speech
mode (normal speech vs. whispered speech where f0
is absent), (ii) the visibility of the interlocutor
(visible vs. invisible), and (iii) the pragmatic
function of the message (question vs. statement). To
this end, maximal lip aperture in German vowels
was scrutinized by means of a motion capture
experiment.
Based on ten speakers, our results reveal that lip
aperture is larger (i) in whispered than in normal
speech, (ii) when speakers do not see each other, and
(iii) also when questions rather than statements are
being produced.
All the results suggest trade-off relations where
the lack of both fundamental frequency and visibility
are compensated for by larger lip aperture.
Keywords: lip aperture, whispered speech, speaker
visibility, prosody, German
1. INTRODUCTION
Trading relations, in which one cue compensates for
the absence or reduced occurrence of another, have
been widely discussed in audiovisual perception
(e.g. [5], [13], [10]), in speech production with
respect to idiosyncratic properties and motor
equivalence [14], and also in terms of speech and
hand gestures ([8]). According to the trade-off
hypothesis, if situational constraints demand it,
different modalities can be used to compensate for
another. For example, interacting in a noisy
environment may lead to the use of enlarged
articulatory and nonverbal gestures to compensate
for reduced auditory information by enhancing
visual information ([4], [17]).
Although several previous studies have
investigated trade-off relations, their object of
investigation has been limited to voiced speech [5,
6]. It remains unclear, however, what happens to
articulatory gestures when the acoustic speech signal
becomes voiceless (e.g. due to whispering) and
therefore harder to understand. More specifically,
we address the question of whether lip aperture also
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visible/invisible mode.
Thus, the present study will fill a research gap by
investigating lip aperture focusing on three factors:
(a) the speech mode (whispered vs. normal
speech)
(b) the visibility of the interlocutor (visible vs.
invisible mode)
(c) the pragmatic function of a message related
to prosody (polar questions with rising F0
vs. statements with non-rising F0).
The investigation of these factors will help us to
scrutinize the nature of lip opening as an articulatory
gesture.
2. EXPERIMENT

while producing the same sentence; see examples in
(1a, b).
(1a)

(1b)

Question condition
Confederate:
Er mag diese Piste.
“He likes this slope.”
Informant:
Er mag diese Piste?
“He likes this slope?”
Statement condition
Confederate:
Er mag diese Piste?
“He likes this slope?”
Informant:
Er mag diese Piste.
“He likes this slope.”

There were 40 sentences, i.e. 20 pairs of statements
and questions. In their final positions they included
strictly controlled words which were always
bisyllabic with stress falling on the first syllable –
such as, for instance, Mandel “almond”, Männer
“men”, Pasta “pasta”, Pelze “furs”, Matte “mat”,
Bitte “request”, Masse “mass”, Bälle “balls”, Bände
“volumes”. All words started with a bilabial stop /p/,
/b/, /m/ followed by /a/, /ɛ/ or /ɪ/ and the syllables
always had a CVC structure. The advantage of
bilabial stops is that they involve lip closure in their
articulatory realization, prior to a lip aperture for the
following vowel. All vowels were unrounded, but
differed in their height: from the greatest aperture in
the case of /a/ to the smallest aperture in the case of
/ɪ/.
As far as intonation pattern in German is
concerned, the nuclear accent falls on the sentence’s
final content word, i.e. the last stressed syllable in an
Intonational Phrase (corresponding to a sentence in
our case). The boundary tone is high (H%) in polar
questions and low in statements (L%) [7]. In both
sentence types examined, the final part of the
sentence was a content word carrying an accent, so
the intonation contour included a pitch accent on the
word and a boundary tone reflecting the question vs.
statement distinction (at least in voiced speech).
The experiment consisted of the following four
stimuli blocks, as presented in (2). Each block
contained questions and statements. The sentences
were randomized and three repetitions of the
randomized lists were conducted. The order of block
presentations was also randomized for each speaker.

2.1. Informants and experimental design

To meet our research goals, we conducted a motion
capture experiment with ten native speakers of
German (six female speakers, mean age 29.2 (5.71
s.d.)).
To measure lip aperture (and eyebrow
movements), seven markers were placed on the face
in the following way: four markers around the lips,
i.e. (i) below the lower lip so that the marker was not
hidden by it, (ii) above the upper lip, (iii) at the left
lip corner, and (iv) at the right lip corner. One
marker was placed above the nose in the central
position between the eyebrows. This marker, as well
as three additional markers fixed on glasses frames,
served as reference points. (Two other markers were
put slightly above the left and right eyebrow.) Figure
1 illustrates the positions of the markers.
Figure 1: Positions of facial markers (glasses were
originally transparent; they are painted black here
for anonymization).

The recordings were obtained by means of a
motion capture system (OptiTrack, Motive Version
1.9.0) with 12 cameras (Prime 13) in a sound-proof
lab. Motion data was recorded with a sampling
frequency of 200 Hz. The parallel acoustic
recordings were conducted using a Sennheiser
ME62 microphone (20 cm distance from lips) at a
sampling rate of 44100 Hz.
The task of the informant was to respond with (a)
a question mirroring the statement uttered by the
confederate, or (b) a statement mirroring the
question asked by the confederate. The participant
changed neither the content of the sentence nor its
word order. Instead they altered their intonation

(2) Blocks:
a) normal speech, informants see each other
b) whispered speech, informants see each other
c) normal speech, informants do not see each
other
d) whispered speech, informants do not see
each other
In order to elicit the data in the invisible mode, the
confederate and the informant were separated by an
artificial wall as shown in Figure 2.
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Figure 2: Experimental setting for the invisible
mode (with an artificial wall between the speakers)

using the maximized structure (see [1]). However,
due to high correlations found between randomeffect terms, most random structure was removed
and the final model included speaker-specific
intercept and slope for the sentence type and word
intercept and slope for speech mode (no high
correlations between fixed effects were observed.).
The maximized models were tested against less
complex models by means of likelihood ratio tests,
and the best fit model was selected as the final one.
The p-values were estimated with the Satterthwaite
approximation with the help of lmerTest ([9]).
All statistical analyses were conducted in the R
Studio software (version 1.1.453 [15]).

In total, we analyzed 1554 items with respect to the
lip aperture (40 sentences x 3 repetitions x 4 speech
modi x 2 visibility conditions x 10 speakers); 48
items were not examined for various reasons.
2.2. Annotation and analyses

3. RESULTS

For the purposes of the present study, we
acoustically labeled the target word from the
beginning of the closure to the end of the word using
Praat 6.0.40 ([3]). Five timepoints were determined
from the spectrogram: (i) the onset of the stop phase
of the word-initial stop, (ii) the onset of the stop
burst, (iii) the onset of the vowel, (iv) the offset of
the vowel, and (v) the offset of the word.
These temporal landmarks were used to manually
determine the minimum and maximum of 3D lip
distance from the bilabial to the vowel using
MATLAB [11]; see Figure 3.

Our results reveal that all vowels are produced with
a larger lip opening in whispered than in normal
speech (t=3.18, p<.001). Note that we present our
results by considering inherent lip opening
differences for vowels: from /a/ with the largest lip
opening to /ɪ/ with the smallest lip opening.
The lip aperture differs for individual vowels: the
vowels [ɛ] and [a] are produced with a significantly
larger lip opening than [ɪ]. However, there is no
difference in lip aperture between [ɛ] and [a] for
both whispered and normal speech (whispered
speech: [ɛ] vs. [i] t=7.42, t=.001, [a] vs. [ɪ] t=7.63,
p<.001; normal speech: [ɛ] vs. [ɪ] t=8.66, p<.001, [a]
vs. [ɪ] t=11.75, p<.001). The interaction Vowel
type*Speech mode is also significant (t=2.57,
p<.05), indicating differences in lip opening between
normal and whispered speech for individual vowels,
as presented in Figure 4.

Figure 3: Measurements of lip distance in the
production of the stop and following vowel

Figure 4: Lip aperture in different vowel as
function of speech mode

Distances between the different markers were
calculated as follows:
(2)

(dist=sqrt((x_marker1- x_marker2)2
+(y_marker1-y_marker2)2+(z_marker1z_marker2)2)

As far as the visibility mode is concerned, the lip
opening in all vowels is larger when the speakers do
not see each other (t=-2.05, p<.05). If we compare
individual vowels, a similar grouping to before
emerges: vowels [ɛ] and [a] are produced with a
significantly larger lip opening than [ɪ] ([ɛ] vs. [i]:
t=7.19, t=.001; [a] vs. [ɪ]: t=6.75, p<.001). The
interaction of Visibility*Vowel is not significant,
which suggests that differences between the visible
vs. invisible mode are similar for all vowels. This is
illustrated in Figure 5.

2.3. Statistics

Linear mixed effect models were employed for
assessing the influence of SPEECH MODE [normal,
whispered], VISIBILITY MODE [visible, invisible],
SENTENCE TYPE [question, statement] and VOWEL
TYPE [a, ɛ, ɪ] on LIP APERTURE, as well as their
interaction. The Type I error was minimized by
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Figure 5: Lip aperture in different vowels as
function of visibility mode

Figure 7: Lip aperture in different vowels as
function of sentence type

Figure 6 illustrates results for the lip aperture in
individual vowels split according to visibility and
speech mode. Whereas the aperture is higher for all
vowels in visible mode, no difference is found for
the vowel [a] in the invisible speech mode. The
interaction Speech mode*Visibility is significant
(t=2.98, p<.01).

1) the lack of fundamental frequency is
compensated for by a larger lip aperture,
which may enhance visual cues for the
interlocutor (but also affect the acoustic
signal)
2) the lack of the visibility of the interlocutor is
also compensated for by a larger lip
aperture.

Figure 6: Lip aperture in different vowels as
function of visibility mode

The results support the trade-off hypothesis in a
sense that differences in prosody (question vs.
statement) are executed in whispered speech also by
a larger lip opening. However, the underlying
mechanisms triggering the dependence of rising
intonation and larger lip opening require further
investigation.
Furthermore, the study provides an answer to the
question of whether the speaker uses lip opening to
enhance visual perception for the interlocutor or
whether the lip opening helps the speaker to transmit
the message, with the greater effort put in enhancing
the acoustic properties of higher frequency (e.g.
formants). Given that lip opening is larger in the
invisible condition where the speaker does not see
her interlocutor, the second explanation may be
favored. Hence, lip opening is an obligatory
articulatory gesture which might be enhanced
depending on the situational context.
In summary, a complex picture of a
compensatory multimodal interaction emerges when
speech mode and speaker visibility are taken into
account, with the common denominator of larger lip
aperture compensating for the lack of acoustic (f0)
or visual cues given certain situational demands. In
light of this, the result can also be explained in terms
of H&H theory [10], where trade-off relations are
assumed between listener comprehension and
speaker production depending on the situational
context.

Finally, the lip aperture is generally larger for
questions than for statements (t= 3.08, p<.01). More
specifically, the lip aperture is larger in questions for
vowels [a] and [ɛ] than for the vowel [ɪ] ([a] vs. [ɪ]:
t=11.7, p<.001); [ɛ] vs. [ɪ]: t=8.66, p<.001). The
difference between [a] and [ɛ] is not significant. In
addition, the interaction Sentence*Vowel type is
also significant (t=2.37, p<.05), which points to
differences in lip aperture between questions and
statements for the three vowels, as illustrated in
Figure 7.
4. DISCUSSION AND CONCLUSIONS
Our results point to three main conclusions. First, lip
aperture is larger in whispered as opposed to normal
speech. Second, it is also larger when speakers do
not see each other. Finally, vowels are articulated
with a larger lip aperture when questions as opposed
to statements are pronounced.
As far as individual vowels are concerned, [a]
and [ɛ] pattern together by showing a greater lip
aperture than [ɪ].
Regarding trade-off relations, our results suggest
compensation effects between degraded acoustic
signals and articulatory gestures on various levels:
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ABSTRACT

very well understood [3]. One important question
is whether modalities parallel or complement each
other. For example, is a lack in verbally produced
prominence balanced by gesture or do the various
modalities contribute to prominence additively? Recent studies [11] found evidence for an additive effect of both modalities in prominence highlighting.
[7] investigated whether production of prosodic focus and phrasing contrasts was modified in auditory
and face-to-face setting by conducting acoustic and
perceptual studies. Acoustically realised narrow focus and phrasing contrasts were greater in the audioonly setting than in the face-to-face setting, indicating that gesture adds to and modulates acoustic
prosody.
Most of the literature on the relationship between
prosody and gesture is based on modal speech. Similarly, the studies that exist on the acoustic prosody
of whispered speech, do not include the visual dimension. These acoustic and perceptual studies
show that F0 is absent in whisper but intonation
is still discernible [13, 17]. [12, 14, 15] studied
the perceptual discrimination of prosody in declarative and interrogative sentences in French. Results
showed that discrimination was based on different
acoustic cues in modal vs. whispered speech. The
high-frequency region was the main cue in whisper,
whereas in modal speech, the listeners relied mainly
on the low-frequency region. Additionally, perception of prosody was based on spectral rather than
temporal auditory cues. Dutch speakers in turn, used
mainly secondary cues to intonation in expressing
boundary tones in whisper, that is, they actually exhibited minimal compensatory cues to intonation.
As indicated, we find a very limited number
of studies focusing on the audio-visual prosody of
whisper [8, 9]. Questions on the interplay of acoustic and visual structures in the expression of prosody
motivated the studies by [8, 9]. The authors were interested in the multimodal expression of focus and
used whispered speech mode as a paradigm to elicit
different levels of visual focus. The results revealed
that an increase in lip area and jaw opening correlate
with contrastive focus in French. Postfocal syllables
on the other hand, showed a significant reduction of
lip area and jaw opening. These two patterns corre-

This study presents a database of controlled speech
material as well as spontaneous Swedish conversation produced in modal and whispered voice. The
database includes facial expression and head movement features tracked by a non-invasive and unobtrusive system. We analyse differences between the
voice conditions in the visual domain paying particular attention to realisations of prosodic structure,
namely, prominence patterns. Analysis results show
that prominent vowels in whisper are expressed with
a statistically significantly a) larger jaw opening, b)
stronger lip rounding and protrusion, c) higher eyebrow raising and d) higher pitch angle velocity of
the head, relative to modal speech.
Keywords: prosody, voice quality, whisper, head
gestures, orofacial gestures
1. INTRODUCTION
Prosodic variation is expressed multimodally [28].
The term audiovisual prosody originates in the
widely studied interaction of orofacial gestures
that correlate with prosodic structure [23]. Similarly, the links between modal speech and speechaccompanying gesture in the expression of prosody
are especially close. Especially prosodic prominence is often produced multimodally [22, 1, 3].
The gestural enhancement of prosodic prominence
serves interactive functions, e.g. by showing a
higher degree of attention in dialogue or to express
semantic functions, e.g. by signaling information
focus [5]. [22] found that prosodic prominences
accompanied with “visual beats” produced by head
movement showed interactions with specific acoustic exponents of prominence, namely changes in the
formant structure and duration patterns, when compared to prosodic prominences produced without
such visual beats. Moreover, visual signals that are
not directly related to speech articulation, such as
head movement, support the perception of prosody
(similarly [6]) and facilitate comprehension [27].
However, the precise nature of the interaction
between visual prosody and acoustically expressed
prosody, e.g. in prominence highlighting, is not
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opers to create their own virtual characters based on
real-person tracking data. The face tracking configuration detects the participant’s face in the view of
the iPhone’s True Depth 3D camera and represents
defined facial features describing facial expressions.
We tracked over 50 features using this framework:
14 for the eyes, 26 for the jaw and mouth plus 10
for eyebrows, cheek and nose. We also extracted a
vector defining the movement of the head in three
dimensions equivalent to turning the head right or
left, up or down and forwards or backwards.
Figure 2 presents what the orofacial feature vector represents in AppleAR. If the coefficient of a feature is zero, the tracker detects a neutral shape and
no movement, while the coefficient of 1.0 defines
maximum movement and extent of the gesture. Typically, the system returns a value between these two
extremes in 30 frames per second.
Signals were synchronised using FARMI [19] - a
framework that allows for flexible and modular collection of data from multiple sensors. Data streams
and messages are synchronised by off-setting timestamps using a delta function from a central time
server, ensuring that timestamps for each data module are comparable.

spond to hyper- and hypo-articulation visible in the
lip movements.
The only results on audiovisual features of whisper in Swedish that we are aware of is [2]. The analysis was conducted for the purposes of creating an
animated agent. The studied participant read sentences and words while two meters away from a listener in modal voice in quiet (baseline condition),
modal voice in noise (Lombard speech) and in whispered speech. The participant was asked to make
sure that he is understood by the listener. The results
showed that the global inter-lip velocity was highest
in whisper overall and twice as high compared to the
baseline, suggesting hyper-articulation effects.
[7] conducted a study of audiovisual prosody in
modal speech. Their results suggested that in the
audio-only setting, speakers exaggerated acoustic
cues to prosody to compensate for the lack of complementary visual cues (head gestures, eyebrows
etc.).
In the present study, we similarly hypothesise that
mutual compensation effects across modalities and
speech modes will be stronger in case of inherently
degraded whisper than in modal speech. We analyse prominent vowels in a reading task in Swedish.
We explore the impact of whisper vs. modal speech
modes on several visual correlates of prominence as
indicated, or similar to those indicated, in the studies discussed above: jaw opening, lip rounding and
protrusion, eyebrow raising and the velocity of head
movement on the pitch (vertical) axis.

Figure 1: Studio setup

2. THE DATABASE
2.1. Data recording and tracking

Figure 1 presents the database recording setup. The
speech signal was captured using high-quality closetalking microphones on separate channels. Respiration was tracked by displacement of the chest
and abdomen, captured by elastic belts worn around
the thorax (Respiratory Inductance Plethysmography, RIP) [29]. Visual signals, i.e., orofacial gestures and head movement, were captured using two
Apple iPhones (XS 2018 models, with 12 Mpx cameras plus a depth camera), each mounted facing one
of the participants. For purposes not within the
scope of the present analysis, we also used a Forward Looking Infrared Camera (FLIR) for thermal
imaging of each participant in this setup.
The visual data was extracted via a custom application developed using the Apple Software Development Kit (iOS 11.0+) and the AppleAR framework
[18]. The feature set in AppleAR is very extensive
and was created in order to allow independent devel-

2.2. Experimental conditions

Each participant was recorded separately for the first
two reading tasks: a) they read a one-page "easy
Swedish" text about the education system in Sweden and b) they responded to questions asked by
the experimenter. The questions were built to elicit
broad and narrow focus (following the experimental
design and subset of stimuli in [16]). Task c), the
last task in the database, involved participant pairs
who were asked to converse with each other for approx. 5-7 minutes on a topic of their choice. All
tasks were varied by voice mode: modal and whis-
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sequently inspected in Praat for corrections and consistency in comparison to the whispered speech segmentation. Prominent vowels were indexed in both
modes using linguistic criteria, i.e., candidates were
first marked in the read text according to lexical
stress and phrase accent rules in Swedish, they were
then perceptually evaluated if they were actually
prominent also in realisation (by the first author and
a native speaker of Swedish).
The FARMI recording architecture ensures that
all signals are captured in synchrony. We additionally verified accuracy and synchrony by visualising
vectors with tracking data for each studied feature
along with segmentations for each speech mode in
ELAN and compared them to the video. We established that all signal streams were synchronised.
We extracted maxima of the orofacial feature vectors for each vowel marked as prominent in both
speech modes. In the present analysis, we used
orofacial features that describe the degree of jaw
opening (ARKit: JawOpen), lip rounding with protrusion (MouthFunnel) and the raising of both eyebrows (BrowInnerUp).
A 4x4 head movement transformation matrix is
put out by ARKit for each frame. We processed
the head data using previous Python tool implementation for multimodal data [21]. The values
in the matrix were converted to Euler angles and
smoothed with Savitzky-Golay filtering (window
length = 7). We extracted the pitch radial velocity (vertical head movement speed) that the filter produces and recorded the maximum absolute
value within frames co-occurring with each analysed
vowel.

Figure 2: A feature tracked by the AppleAR
framework illustrated in an ARFaceGeometry. In
this case, a lip rounding and protrusion gesture
into and open shape” (MouthFunnel). Two states
are shown with coefficient at value = 0.0 (neutral
shape, left), and at value = 1.0 (maximum movement, right).

pered, the order of performing in each voice mode
was counterbalanced.
Regarding some possible proximity or communicative situation factors, in task a), the participants were not asked to articulate in whisper or
modal voice over distance towards an interlocutor
as in [8] or [2]. They were requested to speak normally, as would be natural in a reading situation. In
b), the elicitation method involved a repetitive and
predictable form of read dialogue with the experimenter. In comparison, task c) involved the most
ecologically valid, spontaneous form of interaction
from a proximity shown in Figure 1.
2.3. Speakers

We recorded 10 participants in 5 sessions so far
in this setup. Participants were native speakers
of Swedish (incl. 1 bilingual, Swedish-German
speaker) from different parts of Sweden, all resided
in Stockholm for at least several years. They had no
known hearing or speaking impairments.

3.2. Statistical analysis methods

The visual and speech data were integrated and
analysed in R. Separate linear mixed models with
each orofacial modality (jaw opening, lip rounding,
brows up) and the head pitch velocity vector as the
response were formulated.
Random structure was maximised and evaluated
using likelihood ratio-based model comparisons.
Random slopes resulting either in convergence issues (after 100k iterations) or perfect correlations
were removed. P-values were estimated via the Satterthwaite approximation with lmerTest [24].
We entered Mode (modal, whisper) and Vowel
Quality as predictors as well as Word and Speaker as
random intercepts. Interaction of Mode and Vowel
was tested in each model, however, no significant
interactions were found.

3. THE PRESENT ANALYSIS
The following analysis includes data from 6 participants on 561 observations in task a): reading of a
text in Swedish in the two speech modes. We analysed prominent vowels in about a minute of speech
in each mode per participant in this task.
3.1. Speech and multimodal data processing

Whispered segments were annotated manually by a
phonetic expert in Praat. Modal speech was force
aligned using WebMaus [20] for Swedish and sub-
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4. RESULTS

than in modal voice in a task that involves reading a
running text aloud in the two modes.
Specifically, in Swedish connected speech while
reading in whisper, the degree of jaw opening is
larger. Similarly, lip protrusion into an open shape
(a gesture presented in Figure 2) is also more pronounced in prominent whispered vowels than prominent modal vowels. Eyebrow raising, a feature associated largely with prosodic emphasis in audiovisual
prosody studies[3] is positively affected by whisper:
eyebrows are raised higher when whispering prominent vowels than modal prominent vowels.
We hypothesised that an augmentation of orofacial and head movement cues should occur in the
inherently degraded mode of whisper, as speakers
try to compensate for channel deficiencies in order
to communicate effectively. Such a heightened distinctiveness is consistent with information-theoretic
accounts of communication [4] as it increases the
redundancy of the deficient signal [26] (a related
perspective is the Hyper-&Hypoarticulation theory
[25]).
It should be noted that our analysis was based
on reading aloud in the two modes while alone in
the studio booth, i.e. without elicitation of a particularly clear articulation or an explicit addressee
present, as in [10, 2]. However, presumably, as reading aloud assumes an implicit addressee, we still do
find listener-oriented, redundancy effects in the visual dimension.

4.1. Jaw opening

The whisper mode had a significant positive effect
on jaw opening (est = 1.4, p<.001) relative to modal
speech. The open-mid vowel /E:/ (est = 6.2, p<.01)
also increased jaw opening relative to the vocalic
grand mean.
4.2. Lip rounding and protrusion

Lips rounded and protruded into an open shape more
in whispered speech (est = 0.02, p<.001) than in
modal speech. We also observed several significant effects of vowels expected from their qualities:
rounded or open vowels /ø, A:, O, o:, U/ exhibited
positive effects and front unrounded vowels /E, E:,
I, e:, i:/ showed negative effects, all remaining ones
did not significantly deviate from the vocalic grand
mean.
4.3. Eyebrow raising

Speaking in whisper significantly increased eyebrow
raising on prominent vowels (est = 1.4, p<.001), so
did the vowel qualities /E:/ (est = 1.2 , p<.001) and
/o:/ (est = 1.1, p<.05).
4.4. Head movement

In terms of effects on vertical head movement velocity, the results suggest that head movement reaches
higher speed in whispered prominent vowels (est =
4.4, p<.05) than in modal prominent vowels in this
task.

6. CONCLUSIONS AND FUTURE WORK
We conclude that our analysis indicates that, in
information-theoretic terms, there is compensation
for the degraded qualities of the whispered speech
channel in a reading aloud task. However, we see
the necessity to carefully consider all articulatory
and prosodic influences and constraints that might
interact with the channel effect. This future study
goal will be explored in an analysis of task b) in the
database: a focus- and accent-differentiated whispered and modal data and in task c) involving spontaneous conversation in both modes.

5. DISCUSSION
We presented a database with several controlled
and conversational conditions built to study the
differences between whispered and modal speech
in the audiovisual domain. We also presented a
non-invasive tracking method of orofacial and head
movements in which most tracking components are
available commercially with an easily buildable and
flexible synchronisation of breathing, speech and visual features such as head movement and orofacial
expressions.
An analysis of Swedish prominent vowels was
conducted in one of the database tasks. Focus was
put on the impact of whispered vs. modal voice in
the orofacial and head gesture domain.
First of all, the results suggest effects consistent
with [10] for French and [2] for Swedish. The magnitude of the gestures is larger in whispered speech
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used an XAB discrimination task to examine how
native Australian English (AusE) and native Spanish
speakers perceived naturally produced Dutch
vowels. Their results showed that the acoustic
distance between the contrasts was more predictive
of participants’ performance compared to vowel
inventory size of the participants’ L1. These results
contrast with Iverson and Evans [10] who proposed
that German and Norwegian speakers are better than
Spanish and French speakers in identifying British
English vowels because German/Norwegian vowel
inventories are supersets of English. Recent work
has used variants of the AXB task to examine
discrimination profiles in cross-linguistic tasks to
elicit categorical perception based on existing
linguistic knowledge [5, 6, 19].
However, the results of AXB tasks have been
shown to vary with inter-stimulus interval (ISI),
lexical or linguistic knowledge, or synthetic versus
natural stimuli [15]. A less-used perceptual
discrimination task that is thought to impose fewer
demands on short-term memory and allow for more
continuous (as opposed to categorical) perception is
the 4-interval forced choice (4IAX) task [16].
Listeners are asked to discriminate between two
pairs of stimuli and choose which pair is different.
Importantly, this task is believed to allow listeners to
bypass their linguistic knowledge, such as the
influence of language background or lexical access
[16]. However, work with native English and native
Japanese speakers showed that the frequency of
certain L1 phonemes influenced their sensitivity to a
continuum of VCV sequences in a 4IAX task [12].
This suggests that language-specific experience can
influence tasks that are thought to elicit more
‘acoustic’ rather than phonetic category-based
perception showing that low-level auditory
processing can be influenced by language exposure.
Additionally, even though synthesized versus
naturally-produced tokens can elicit different
performance in perceptual discrimination tasks [17],
the existing 4IAX literature has largely used
synthesized stimuli to examine categorical versus
continuous perception [12, 16]. However, recent
work has shown that naturally-produced stimuli may
be perceived and processed differently very early

ABSTRACT
The effects of acoustic versus phonetic similarity
in non-native vowel perception have been the focus
of many second language (L2) speech perception
models, examining how non-native sounds are
perceived and assimilated by listeners. These models
use perceptual discrimination tasks (e.g., AX, AXB)
that may elicit different modes of perception
depending on the memory load and linguistic
experience required in each. This paper examined
how native Australian-English (AusE) speakers
perceived naturally-produced Dutch vowels in a
4IAX task, less commonly used but believed to elicit
more continuous perception and bypass conscious
linguistic processing. Participants listened to six
Dutch vowel pairs spoken by varying speakers and
chosen for their acoustic distance from AusE
vowels. Results showed that /ɪ-i/ was the least
accurately discriminated compared to other vowel
pairs, confirming predictions that L1-L2 acoustic
distance is a driving force in non-native speech
perception and suggesting that linguistic experience
may affect perception during the 4IAX task.
Keywords: speech perception, L2, 4IAX, acoustic
distance
1. INTRODUCTION
Models of second language (L2) speech perception,
such as the Perceptual Assimilation Model (PAML2; [3]) and the Second Language Linguistic
Perception model (L2LP; [7], [20]), examine how
L2 learners perceive non-native or L2 sounds as a
function of the similarity between their first
language (L1) and the non-native language. This
similarity is operationalized on the basis of phonetic
or acoustic distance between the two languages and
is usually tested in discrimination tasks that require
listeners to compare various sounds.
In many perceptual discrimination tasks, listeners
are tasked with responding whether two speech
sounds are the same or different (AX) or whether
one sound belongs to the category of two other
sounds (AXB). For example, Alispahic et al. [2]
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during auditory processing compared to synthetic
stimuli. Specifically, listeners are unable to filter out
speaker characteristics (such as fundamental
frequency, or F0) during an auditory oddball
discrimination paradigm with naturally-produced
speech tokens [18] contrasting existing results with
synthetic stimuli [11]. This suggests that listeners do
not automatically disregard speaker information
during low-level auditory processing with natural
speech tokens.
During natural speech perception, listeners must
also cope with input from multiple speakers in realworld listening situations. This variability in
speakers is usually normalized (or filtered out)
during speech processing to focus on the
linguistically-meaningful information (e.g., vowels,
consonants, words) [1]. Indeed, participants’ success
ignoring speaker variability during certain speech
perception tasks suggests they are skilled at
extracting the relevant information [2, 5, 6].
However, given that differences have been found in
how listeners normalize synthetic versus natural
speech [11, 18] and, as discussed above, the 4IAX
literature has largely used synthetic stimuli, it is
currently unclear what the 4IAX design might reveal
about pre-phonetic speaker normalization processes.
Examining how listeners perceive naturallyproduced non-native speech sounds in this task
would help clarify the effects of linguistic
experience during perceptual discrimination, since it
is more akin to what listeners encounter daily.
The current study addresses this issue by
presenting native AusE listeners with naturallyproduced, isolated Dutch vowels in a 4IAX task.
Vowels produced by three different speakers were
used to examine how listeners use speaker
variability
during
categorical
perception.
Additionally, we were interested in probing how this
distance in ‘non-linguistic’ (speaker identity) and
‘linguistic’ (vowel identity) information interacts
during non-native discrimination tasks, since
acoustic distance varies greatly between and within
speakers of the same language, as we know both
types of information affect non-native (or L2)
speech perception [2, 18]. Therefore, in addition to
including multiple speakers, Dutch vowel pairs were
predicted to be ‘difficult’ or ‘easy’ to discriminate
accurately by AusE speakers by measuring the
acoustic distances between native AusE speaker
productions and the Dutch vowels within each pair
[2]. Difficult tokens were defined as vowels more
similar to (or with the least acoustic distance from)
an AusE vowel, and would therefore be perceived as
belonging to the same category, leading to worse
discrimination performance. Easy vowels were those
that were the least similar to (or had the most

acoustic distance from) an AusE vowel, and would
be perceived as belonging to separate (or nonexistent) AusE categories, leading to better
discrimination performance [2]. Finally, if listeners
can filter out speaker variability, we would not
expect to see effects of speaker information [11].
However, if speaker information is processed in prephonetic stages [18], then we would expect to see an
effect of speaker in discrimination accuracy.
2. METHODS
2.1. Participants

Participants were 8 native Australian English (AusE)
speakers from an undergraduate institution in the
greater Western Sydney region (Mage = 28.57; 6
females). They signed informed consent and
reported no hearing or language impairments.
2.2. Stimuli

Stimuli were four naturally produced Dutch vowels
from the Adank, Smit, and van Hout [1] corpus: /a/,
/ɪ/, /i/, and /ɛ/. The vowels were extracted from
monosyllabic Dutch syllables /sas/, /sɪs/, /sis/ and
/sɛs/. The six pairs of contrasts were constructed by
pairing each vowel with every other vowel: /a-ɛ/, /aɪ/, /a-i/, /ɛ-ɪ/, /ɛ-i/, and /ɪ-i/. These vowels were
chosen based on their similarity to and acoustic
distance from AusE vowels [2].
In addition, each token was produced by three
different female native Dutch speakers. These
speakers were chosen out of 10 possible speakers
from the corpus by: (1) computing the F2:F1 ratios
(Hz) of the Dutch vowels; (2) mapping their
productions of these vowels onto the AusE vowel
space (taken from [6] participant productions); and
(3) selecting those who produced the target vowels
the furthest away from the mean of all possible
Dutch speakers (10 in total). This was done
specifically to ensure that AusE listeners would not
necessarily categorize the non-native vowels in a
native category. See Table 1 for stimuli
characteristics and Figure 1 for a graphic
representation of the vowel space for all four Dutch
vowels used as stimuli.
Table 1: Stimuli characteristics: F1, F2 means,
F2:F1 ratio for each speaker.

Speaker
1
2
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Vowel
a
ɛ
ɪ
i
a

F1 mean
800.5
453.5
394.5
288.5
727.5

F2 mean
1479.0
2198.5
2614.5
2777.0
1125.5

F2:F1
1.846
4.848
6.627
9.626
1.547

3

ɛ
ɪ
i
a
ɛ
ɪ
i

552.0
404.0
285.5
697.5
574.0
399.0
306.5

2093.0
2345.0
2548.0
1167.5
2134.5
2381.5
2778.5

vowel pair was different. If they believed the first
pair they heard was different, they pressed the <z>
on the keyboard; if they believed the second pair
was different, they pressed the letter <m> on the
keyboard. Trials were presented randomly. The
inter-stimulus interval (ISI) between stimuli within
the pair was 200 ms; the ISI between pairs was 500
ms [12]. Participants had 1000 ms after presentation
of the second pair to make a response at which point
‘no response’ was recorded and the next trial began
automatically. Participants completed the task in
approximately 20 minutes.

3.792
5.804
8.925
1.673
3.719
5.969
9.065

Figure 1: Dutch speaker vowel space for all
vowels.

3. RESULTS
Because we were interested in whether listeners
would discriminate between non-native (Dutch)
vowel contrasts based on their similarity to their
native language (AusE), planned t-tests were
conducted to examine if participants responded
above chance for each vowel contrast. Contrasts /ɪ-ɛ/
(M = .48) and /ɪ-i/ (M = .47) were not discriminated
above chance (t’s < 1); all other contrasts were
discriminated above chance (all p’s < .005; Ma-ɛ =
.77, Ma-ɪ = .76, Ma-i = .84, Mi-ɛ = .78).
We were also interested in how vowel contrast
and speaker variability interacted. Our data
comprised categorical responses, so participant’s
accuracy for each trial was entered into a mixedeffects logit model with fixed effects for our
variables of interest: vowel pair and speaker pair
[12] and subject and trial type as random effects.
There was a main effect of vowel pair, such that
participants performed worse on the /ɪ-i/ (ß = -1.62,
SE = .40, z = -4.05, p < .001) and /ɪ-ɛ/ (ß = -0.97, SE
= .39, z = -2.47, p = .014) contrasts. Participants
showed the best performance on the /a-ɪ/ contrast (ß
= 1.30, SE = 0.49, z = 2.66, p = .008). Additionally,
when listening to speaker pair 2 (blue) and 3 (red),
participants showed overall better discrimination
compared to the other speaker pairs (ß = 1.65, SE =
0.53, z = 3.11, p = .002); this was qualified by an
interaction with vowel pair. Specifically, participants
had worse performance for the /ɪ-ɛ/ (ß = -1.51, SE =
0.65, z = -2.32, p = .017) and /i-ɛ/ (ß = -1.65, SE =
0.69, z = -2.39, p = .02) contrasts for speaker pair 2
and 3. No other interactions were significant.

2.3. Design

All participants heard all six vowel contrasts
produced by all three possible speaker pairs. This
resulted in 18 possible combinations per participant
(six vowel contrasts by three speaker pairs). For
each stimulus pair, there were eight possible
combinations for the 4IAX task, such that each
participant heard a total of 144 trials (eight 4IAX
combinations by 18 possible speaker and vowel
pairs). See Table 2 for an illustration of the design.
Table 2: Example of 4IAX task design.

Trial
AA : AB
AA : BA
BB : AB
BB : BA
AB : AA
BA : AA
AB : BB
BA : BB

Speaker & Vowel
S1 /a/ - S2 /a/ : S1 /a/ - S2 /ɛ/
S1 /a/ - S2 /a/ : S2 /ɛ/ - S1 /a/
S2 /ɛ/ - S1 /ɛ/ : S1 /a/ - S2 /ɛ/
S2 /ɛ/ - S1 /ɛ/ : S2 /ɛ/ - S1 /a/
S1 /a/ - S2 /ɛ/ : S1 /a/ - S2 /a/
S2 /ɛ/ - S1 /a/ : S1 /a/ - S2 /a/
S1 /a/ - S2 /ɛ/ : S2 /ɛ/ - S1 /ɛ/
S2 /ɛ/ - S1 /a/ : S2 /ɛ/ - S1 /ɛ/

4. DISCUSSION
2.4. Procedure

Our result showed that our predictions were
confirmed for vowel difficulty, such that those
Dutch vowels that were perceived to belong to the
same native AusE vowel category showed the worst
performance. The vowel pairs /ɪ-i/ and /ɪ-ɛ/ were the
most difficult for participants to perceive as

Participants were seated in a sound-attenuated booth
in front of a computer screen with a keyboard for
responses. Stimuli were presented binaurally with
Etymotic earphones at 70 dB SPL. They were told
they would hear four speech sounds that comprised
two pairs and that they needed to respond which
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‘different’. The difficulty with /ɪ-i/ is most likely due
to listeners categorizing both of the Dutch vowels in
the native AusE category /iː/, and the difficulty with
/ɪ-ɛ/ is most likely due to the both vowels
overlapping with the AusE vowel /e/. The variability
between Dutch speakers in vowel productions may
have contributed to listeners possibly perceiving the
same Dutch vowel /ɪ/ in more than one AusE
category, suggesting multiple category assimilation
[e.g., 22]. Additionally, one speaker pair (speakers 2
and 3) helped listeners more than speaker pairs 1 and
2 and 1 and 3. Comparing the vowel spaces from
Figure 1, it appears that speaker pair 2 (blue) and 3
(red) show the most distance between productions of
/i/, even though the two speakers have significantly
overlapping categories for /a/, /ɛ/, and /ɪ/. This
overlap is most likely responsible for the interaction,
wherein listeners show worse performance for
specifically the /ɪ-ɛ/ and /i-ɛ/ contrasts with this pair.
This interaction between speakers and vowel
contrasts tentatively suggests that listeners are not
normalizing certain speaker characteristics during
perception. Specifically, a speaker’s vowel space,
which can vary greatly in F1 and F2, may influence
how non-native listeners discriminate their vowels
and map the input onto the L1 vowel space. Here,
listeners were particularly sensitive to one speaker
pair, even though the speakers had relatively large
overlap in their acoustic space. However, the vowel
pairs with the lowest accuracy were those with
vowels that showed the most overlap in that speaker
pair: /i/, /ɪ/, and /ɛ/. It is not surprising that nonnative listeners showed the most difficulty with
those stimuli.
Post-hoc comparisons between the speaker
vowel characteristics showed no significant
differences in overall F1, F2 means or F2:F1 ratio
across all vowels. Comparisons within speakers and
across vowels were not possible due to the lack of
power, but qualitatively, there do not appear to be
large differences in the acoustic characteristics of the
vowels for speakers 2 and 3 (see Table 1). This
suggests that the voice quality of those speakers (or
fundamental frequency, F0) may have influenced
speech perception. Although many studies have
shown that speakers are able to ignore this kind of
speaker information during online speech
processing, more recent studies have shown that
listeners are not always able to filter out these cues
with naturally-produced speech [14, 18]. In the
future, examining if participants can differentiate
between speakers using the same vowel identity
(e.g., trials such as S1/a/-S2/a/:S1/a/:S2/a/) would
elucidate whether listeners are able to perceive and
use speaker information during discrimination.
Indeed, using tasks that potentially elicit more

‘acoustic’ processing can provide information about
how speaker variability may still affect fine-grained
auditory processing of natural speech.
These results demonstrate that speakers can
discriminate non-native vowel contrasts produced by
different speakers above chance except when the
vowels within the contrast are too acoustically
similar to vowels in the native (L1) repertoire. This
is expected, as a large body of work exists showing
that similarity between phonetic contrasts influences
how non-native listeners perceive and categorize
those contrasts [2, 3]. However, we show this result
elicited in a task setting where listeners are thought
to bypass conscious linguistic knowledge and focus
solely on acoustic processing. Indeed, using the
same ISI as previous 4IAX tasks (as opposed to
longer ones that may elicit phonological coding; see
[8, 21]), prior language experience (in this case,
AusE) influenced how listeners perceived and
discriminated non-native vowel contrasts. This
corroborates earlier work showing that native
Japanese and native English speakers use their prior
linguistic knowledge to discriminate between
synthesized consonants [12]. The authors argue that
low-level auditory processing can be influenced by
linguistic experience and our results support this as
well. Additionally, because we used natural speech
tokens with varying speaker information, we also
show that an interaction between non-linguistic (e.g.,
speaker) information and linguistic experience can
hinder vowel discrimination to a certain extent. It
remains to be seen if more exposure to the stimuli
would result in better discrimination between the
vowel contrasts. Because normalization to speaker
variability has been shown to occur within minutes
with access to lexical information [4, 9, 13], it may
be the case that with isolated vowels, listeners do not
have enough information or need more time to
successfully normalize across all speakers,
especially those who overlap on difficult (i.e., more
similar to L1) vowel contrasts.
Overall, our results speak to models of L2
speech perception, showing that acoustic (as
opposed to phonetic) processing can still occur with
influence from linguistic experience, further
supporting the idea that our perceptual systems are
fundamentally shaped by our early perceptual
experiences. However, testing these assumptions
with natural compared to synthesized speech is
important, as more studies show that there may be
quantitative and qualitative differences in how
humans perceive and process these. Future research
should aim to examine within-participant differences
to ensure that results are not due to the inherent
complexity of natural speech, as evidenced by
speaker variability and its effects.
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variability also modulates word recognition in a
language with contrastive tones such as Mandarin.
The processing of Mandarin tones requires listeners
to evaluate the pitch they hear against the pitch range
of the talker, and continuously update this evaluation
as more of the pitch contour is heard over time [9-10].
Importantly, a given Mandarin talker will show
variability in the production of tonal categories, thus
also requiring listeners to evaluate the pitch they hear
against the talker’s different realizations of the same
tonal categories and of different tonal categories.
Given the dynamic and variable nature of lexical
tones, the question of whether within-category tonal
variability influences word activation in Mandarin is
not a trivial one.
The first goal of the current study is thus to test
whether, and if so, how, fine-grained, within-category
tonal variability modulates native Mandarin listeners’
word recognition as the speech signal unfolds. If this
fine-grained variability constrains lexical access,
Mandarin listeners should show more competition
from tonal competitors when the pitch of the target
word (heard in the signal) is acoustically closer to that
of the tonal competitor word (in listeners’ lexical
representation) than when it is acoustically more
distant from that of the tonal competitor word.
Another unanswered question from the earlier
research is whether second-language (L2) learners of
Mandarin differ from native Mandarin listeners in
their use of within-category tonal information. For
instance, whether within-category tonal information
constrains English listeners’ recognition of Mandarin
words is likely to depend on the degree to which
English listeners’ tone representations are
phonetically detailed. L2 learners’ difficulty in
recognizing Mandarin tones has been attributed to
their limited exposure to tonal variability, which may
cause L2 learners’ tonal representations to be coarser
or less phonetically detailed, making it more difficult
for them to interpret within-category tonal
information in relation to prototypical tonal
categories in lexical access [11-13].
The second goal of the current study is therefore
to test whether English-speaking second language
(L2) learners of Mandarin differ from Mandarin
listeners in the use of within-category tonal variability
in the recognition of Mandarin words. If L2 learners

ABSTRACT
Previous research showed that within-category
phonetic details of segments constrain lexical
activation. This study investigates how withincategory tonal information influences native and nonnative Mandarin listeners’ spoken word recognition.
Native Mandarin listeners and proficient Englishspeaking Mandarin learners were tested in a visualworld eye-tracking experiment. The target word
contained a level tone and the competitor word
contained a high-rising tone, or vice versa. The
auditory stimuli were manipulated such that the target
tone was either canonical (Standard), phonetically
more distant from the competitor (Distant), or
phonetically closer to the competitor (Close).
Compared to the Standard condition, Mandarin
listeners’ target-over-competitor word activation was
enhanced in the Distant condition and inhibited in the
Close condition, whereas English listeners’ targetover-competitor word activation was inhibited in both
the Distant and Close conditions. These results
suggest that within-category tonal information
influences native and non-native Mandarin listeners’
word recognition differently, explained by their
different tonal processing mechanisms.
Keywords: Chinese tones, spoken word recognition,
fine-grained tonal variability, eye tracking.
1. INTRODUCTION
The classic view of categorical perception assumes
that the speech perception and processing
mechanisms discard fine-grained phonetic variability
to unmask the underlying phonemes [1]. This has
been argued not only for the perception of consonants
and vowels [2], but also for the perception of lexical
tones in Mandarin Chinese (henceforth Mandarin) [34]. More recently, however, research on spoken word
recognition that uses the visual-world eye-tracking
paradigm [5] has shown that native listeners are in
fact sensitive to the within-category phonetic
variability in segments (e.g., VOT), with this
information modulating target and competitor word
activation (as indexed by listeners’ fixations to target
and competitor words) [6-8].What is unclear from
previous research is whether within-category tonal
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of Mandarin are sensitive to the fine-grained phonetic
details of lexical tones but have difficulty relating
these details to prototypical tonal categories, they
might show more competition from tonal competitors
when the pitch of the target word (heard in the signal)
is different from the standard (i.e., prototypical) tone,
whether or not the pitch heard is acoustically closer
to or more distant from that of the tonal competitor
word.

similar to or more different from that of the
competitor word (in listeners’ lexical representation).
Three levels of a tonal continuum were created for
each T1 and T2 (see Fig. 2). T1-standard and T2standard are standard (S) exemplars of T1 and T2
natural tokens. T1-distant is acoustically more distant
(D) from T2 than T1-S is, and T1-close is acoustically
closer (C) to T2 than T1-S is. Likewise, T2-D is
acoustically more distant from T1 than T2-S is, and
T2-C is acoustically closer to T1 than T2-S is. The
standard tokens were created by using the average
pitch values of each the T1 and T2 tokens produced
in isolation by a male native speaker of Mandarin.
The acoustically closer and more distant tokens were
created raising or lowering the starting average point
of the contour by 10 Hz and interpolating between the
new starting points and the natural endpoint. The
resynthesized pitch contours (see Fig. 2) were
superimposed on the duration-normalized stimuli.

2. METHODS
2.1. Participants

A total of 36 native Mandarin speakers and 26
proficient Mandarin learners who spoke English as
their native language and learned Mandarin as L2 in
college were recruited in Beijing, China. L2 learners’
proficiency in Mandarin was tested with a Mandarin
lexical decision task adapted from LexTALE [14], as
well as a Mandarin cloze (i.e., fill-in-the-blank) test
[15]. The L2 learners’ language experience and mean
percent proficiency scores are provided in Table 1.

Figure 1: A visual display of a T1-T2 trial used in the
visual world paradigm (the orthographic transcriptions
were not presented in the actual experiment).

Table 1: Means (and standard deviations, in
parentheses) of learners’ language
background and proficiency variables.

Age of First Exposure (year)
Years of Mandarin Instruction
Length of Residence (month)
Lexical Decision Test (%)
Cloze Test (%)

17.6 (3.4)
4.1 (2.3)
14 (13.3)
66.5 (8)
82.1 (10)

Figure 2: Tonal continua of Tone 1 (Level) and Tone 2
(Rising) used in the test trial.
200

F0 (Hz)

2.2. Materials

Participants completed a visual-world eye-tracking
experiment. All words in the experiment were
imageable monosyllabic Mandarin nouns. In each
trial, images corresponding to target, competitor, and
distracter words appeared in the four cells of a (nondisplayed) 2 x 2 grid (see Fig. 1). Six approximantinitial T1-T2 word pairs (e.g., T1, a level tone: /jā/
‘duck’; T2, a rising tone: /já/ ‘tooth’) were used as
target and competitor words. The two words in each
pair shared the same segments, contrasted in tones,
and were not semantically related. When the target
and competitor words carried T1 and T2, the two
distracter words, which differed segmentally from the
target and competitor words, carried T3 and T4 (e.g.,
T3, / tɕǐŋ/ ‘well’; T4 /tɕìŋ/ ‘mirror’). Which tone was
contained in the target and competitor words was
counter-balanced in two lists. The experiment
included filler trials with T3-T4 target and competitor
word pairs. The experiment included three repetitions
for each auditory word and its corresponding display.
The auditory T1-T2 words had their pitch height
resynthesized such that the pitch contour of the target
word (heard in the signal) would be either more

150
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136 182 227 272 318 363 409 454

T1-D
T2-D

Time (ms)
T1-S
T2-S

T1-C
T2-C

2.3. Procedures

Participants first completed a word-picture
association training so that they could distinguish the
tonal contrasts and become familiar with the talker’s
pitch range. The training consisted of a picture
selection test in which participants heard a spoken
word and selected the picture corresponding to it from
20 candidate pictures (including the target,
competitor, and distracter pictures). They received
feedback on their responses, and the training ended
when participants correctly identified all the pictures.
Participants then completed the eye-tracking
experiment. They were instructed to click on the
picture corresponding to the monosyllabic Mandarin
word they heard through headphones. In each trial,
participants first saw four pictures for two seconds

246

(preview phase). The pictures then disappeared and a
fixation cross centered on the screen appeared and
stayed on it for 500 ms. As the fixation cross
disappeared, the four pictures reappeared and the
auditory stimulus was simultaneously heard.
Participants’ eye movements were recorded from the
onset of the auditory stimulus. Trials were split into
four blocks, with each block containing only one
repetition of each target word. The number of times
each word and each tone was heard was
counterbalanced within and across blocks. The
experiment began with 12 practice trials.
To ease participants’ memory burden, the training
and experiment were conducted over three sessions,
with participants learning a third of the word-picture
associations and completing the corresponding
portion of the experiment in each session.

3. RESULTS
Figure 3 shows Mandarin and English listeners’
differential proportions of fixations from the onset of
the target wordi to 800 ms. For both groups, the GCAs
yielded significant tone-by-condition interactions.
Figure 3: Mandarin (top) and English (bottom)
listeners’ differential proportions of fixations in the
standard, close, and distant conditions for T1 and T2;
the shaded area represents one standard error above and
below the mean; the vertical bars represent the
beginning and end of the time window used for the
statistical analyses

2.4. Data analysis

Only correctly answered trials were analysed,
resulting in the exclusion of 1% of the data for
Mandarin listeners and 21.5% for English listeners.
Proportions of fixations to the target, competitor, and
distracter words were extracted in 20-ms time
windows from the target word onset to 800 ms. The
dependent variable for the statistical analyses was the
difference between the empirical log-transformed
proportions of target and competitor fixations from
the onset to the offset of the target word with a 200ms delay (i.e., from 200 to 654 ms) to accommodate
the fact that eye movements take approximately 200
ms to reflect any processing of the speech signal [16].
Listeners’ fixation differences were modeled
using growth curve analysis (GCA) [17], a curvilinear
regression that can model the linear, quadratic, and
cubic shapes of the differential fixation lines. The
GCAs were conducted with the lme4 package in R
[18]. For the sake of clarity, we present the analysis
of each language group’s results separately. These
analyses included three orthogonal time polynomials
(linear, quadratic, and cubic), condition (standard,
distant, and close; baseline: standard), and the tone of
the target word (T1 vs. T2; baseline: T1) as fixed
effects. A backward-fitting function from the package
LMERConvenienceFunctions in R [19] was used to
identify the simplest model; only the results of the
model with the best fit are presented, with p values
being calculated with the lmerTest package in R [20].
All analyses included participant as random intercept
and the orthogonal time polynomials as random
slopes for the participant variable. Analyses yielding
significant interactions between condition and tone
were followed up by subsequent GCAs conducted
separately for the T1 and T2, with the alpha level
being adjusted to .025.

Table 2 presents the results of follow-up GCAs for
Mandarin listeners. For T1, the best model did not
include interactions between condition and time
polynomials, suggesting that Mandarin listeners’
word recognition was similar in all three conditions
when the target contained a level tone. For T2, the
significant positive estimate for the interaction
between condition (distant) and the linear time
polynomials suggests that Mandarin listeners had a
fixation line with a steeper ascending slope in the
distant condition than in the standard condition. The
significant negative estimate for the interaction
between condition (close) and the linear time
polynomial indicates that Mandarin listeners’ fixation
line had a shallower ascending slope in the close
condition than in the standard condition. These results
suggest a decrease in tonal competition in the distant
condition compared to the standard condition as a
result of an acoustically greater tonal distance
between the target and competitor, as well as an
increase in tonal competition in the close condition
compared to the standard condition as a result of an
acoustically smaller tonal distance between the target
and competitor. Mandarin listeners were thus
sensitive to the within-category variability of the
rising tone in their recognition of Mandarin words.
Table 2 also presents the results of follow-up
GCAs for English listeners. For T1, the significant
negative estimates for the interaction between
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condition (distant; close) and the linear polynomial
suggest that English listeners’ fixation line had a
shallower ascending slope in the distant condition or
the close condition than in the standard condition.
These results indicate that for T1, English listeners’
word recognition was disadvantaged in both the
distant and close conditions compared with the
standard condition. For T2, the best model did not
include any interactions between condition and the
time polynomials, suggesting that English listeners’
word recognition was similar in all three conditions.
Table 2: Growth curve analyses on the difference
of Mandarin (top) and English (bottom) listeners’
transformed target and competitor fixations for
T1 and T2. α = .025; significant results in bold;
D=distant; C=close.

Mandarin Listeners
Tone Variable
Est.
–0.043
T1 Condition (D)
Condition (C)
0.034
Condition (D)
0.109
Condition (C)
–0.132
T2
Time × Condition (D)
Linear
0.517
Time × Condition (C)
Linear
–0.200
English Listeners
Tone
Variable
Est.
Condition (D)
–0.159
Condition (C)
–0.059
Time × Condition (D)
T1
Linear
–0.370
Time × Condition (C)
Linear
–0.391
T2
Condition (D)
–0.031
Condition (C)
–0.083

t
p
–2.348
.019
1.829
.07
5.766 < .001
–7.084 < .001
5.766 < .001
–2.238

.020

t
–6.042
–2.225

p
< .001
.027

–2.930

< .01

–3.097
–1.198
–3.165

< .01
.231
< .01

4. DISCUSSION AND CONCLUSION
This study investigated whether native Mandarin
listeners’ word recognition is constrained by withincategory tonal variability, and whether native
Mandarin listeners and English-speaking L2 learners
of Mandarin differ in their use of this information.
The results showed that native Mandarin listeners’
target-over-competitor word activation was enhanced
in the Distant condition and inhibited in the Close
condition (compared to the Standard condition) for
T2 target trials, whereas English listeners’ targetover-competitor word activation was inhibited in both
the Distant and Close conditions (compared to the
Standard condition) for T1 target trials.
These findings indicate that Mandarin listeners do
not discard the within-category phonetic details of
T2, with small changes in the early pitch of the
contour modulating listeners’ word activation such
that lexical representations are increasingly or
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decreasingly activated when the target tone is
acoustically closer to or more distant from that of the
competitor word. These findings provide further
evidence that the speech processing system does not
discard within-category tonal details, even when
those details are not near the category boundary [68]. An important question that the current results
raise, however, is why native Mandarin listeners
showed sensitivity to within-category tonal
information when it was heard in T2 targets but not
when it was heard in T1 targets. Further research is
needed to determine whether T1 stimuli that show a
greater difference in Hz (e.g., 15 Hz) between the
canonical and non-canonical tokens will be
perceptually equivalent to T2 tokens and thus also
modulate Mandarin listeners’ word recognition.
Importantly, the results also showed that withincategory tonal information inhibited English
listeners’ target-over-competitor word activation in
trials with T1 targets. English listeners thus differed
qualitatively from native Mandarin listeners in that
within-category tonal information disrupted their
word recognition independently of the phonetic
distance between the target and competitor tones in
trials with T1 targets. These difficulties may be due
to L2 learners having coarser or less phonetically
detailed representations of lexical tones as a result of
their limited exposure to tonal variability [11-13].
Specifically, English listeners may not have been
exposed to sufficient tonal input to develop robust
representations of tones; as a result, they may not be
able to organize the non-canonical tokens relative to
the prototypical tokens in the tonal space, which may
have increased tonal competition when the pitch
contour of the target did not match the pitch contour
expected for the prototypical tokens. Like with
Mandarin listeners, the current results also raise the
question of why English listeners showed an effect of
within-category tonal information for only T1.
Compared with T2, T1 has a stable pitch contour, and
may stand out as the default tone for learners, as it is
often the easiest tone to produce and perceive by nonnative listeners [21-22]. These may explain why
English listeners were more sensitive to the finegrained variability of T1 compared to that of T2 [also
see 23 for an asymmetry of T1-T2].
The present findings suggest that the native
language has an important impact on listeners’
processing of within-category tonal variability to
resolve lexical competition in online word
recognition. Future research with near-native L2
learners of Mandarin is necessary to investigate
whether additional exposure to Mandarin would
result in a more native-like performance.
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The time window of analysis used for the GCA was
the onset and offset of the tonal portion of the
stimuli, with a delay of 200 ms.
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English Speakers’ Perception of Mandarin Consonants: The Effect of Phonetic
Distances and L2 Experience
Xinchun Wang, Jidong Chen
California State University, Fresno
least difficulties: SC > CG >TC) [4]. On the other
hand, SLM posits that speakers’ L1 and L2 sound
systems interact and exist in a common phonological
space. Whether new L2 phonetic categories are
established or not depends on the perceived
dissimilarities of an L2 sound from the closest L1 or
L2 sounds. Learners’ ability to establish such new
phonetic categories increases with increased L2
experience. Equivalence Classification actually
blocks the formation of new L2 categories [5, 6].
With regard to the methodologies of assessing
phonetic distances between L1 and L2 speech sounds,
the commonly used method of phoneme inventory
comparisons is not sufficient as the IPA symbols do
not provide the detailed phonetic properties of sounds
across languages. Predictions based on phonetic/
acoustic properties of phones across languages may
not be sufficient either as such measurement may not
capture the most crucial phonetic cues of category
formation. Cross-language speech perception, that is,
having the listeners identify the target L2 sounds as
their L1 categories, adopted in recent L2 speech
research, is a more reliable method [7]. The current
study uses such cross-linguistic perceptual mapping
method to assess the phonetic distances between
Mandarin and English consonants.

ABSTRACT
Two experiments were conducted to investigate
the influence of the perceived phonetic distances
between Mandarin and English consonants on L2
consonant identification by English learners of
Chinese as a foreign language (CFL). Experiment 1
elicited English listeners’ identification of ten target
Mandarin consonants as English categories and their
goodness fitting ratings of each mapping. Fit indexes,
measuring the degree of mapping between Mandarin
and English consonants, ranged from poor to fair, and
good. Experiment 2 elicited English CFL learners’
(elementary and intermediate levels) identification of
Mandarin consonants in a forced choice task. Overall,
the perceived phonetic distances between Mandarin
and English consonants predicted the learners’
correct identification of the L2 consonants. Mandarin
consonants with high fit indexes to English
consonants are better identified than those with lower
fit indexes. More L2 experience also leads to better
perceptual learning. The findings are discussed in
terms of current L2 speech learning models.
Keywords: Mandarin consonants, cross-language
sound classification, L2 speech perception
1. INTRODUCTION

Table 1: Mandarin Consonants in IPA

Research has shown that phonetic differences and
distances between L1 and L2 speech sounds is an
important factor that contributes to the degree of
success in perception of L2 speech sounds [1, 2]. The
two most influential L2 speech perception and
learning models, Best’s Perceptual Assimilation
Model (PAM) [3,4] and Flege’s Speech Learning
Model (SLM) [5,6] both assume that learners’
perceptual assimilation or dissimilation patterns of L2
sounds to L1 categories is systematically related to
their native phonetic system. According the PAM
model, several pairwise assimilation types are
possible when the two non-native phones are mapped
on the L2 system. The L2 phones may be assimilated
1) to two different L1 phones, the Two Category (TC)
type, or 2) to a single L1 category, the Single
Category type (SC) equally poor or well, or, 3) to a
single native category but one is a better fit than the
other, the Category Goodness type (CG). PAM also
predicts the “gradients” of difficulties in
discriminations of L2 sounds from the most to the

Stop

Labial

DentalAlveolar

p pʰ

t tʰ

f
m

ts tsʰ
s
n
l

Affricate
Fricative
Nasal
Liquid

Retroflex

Alveolopalatal

Velar

k kʰ
tʂ tʂʰ

tɕ tɕʰ

ʂ

ɕ

ʐ

x
ŋ

The target sounds under investigation (bold faced
in Table 1) are ten Mandarin consonants in pinyin and
IPA symbols: z /ts/, c /tsʰ/, s /s/, j /tɕ/, q /tɕʰ/, x /ɕ/, zh
/tʂ/, ch /tʂʰ/, sh /ʂ/, r /ʐ/. They form the
fricative/affricate groups at dental, retroflex, and
Alveolo-palatal places reported to be difficult for
English CFL learners in both perception and
production as most of these sounds do not have
corresponding counterparts in English [8]. There is a
paucity of literature on L2 perception of Mandarin
consonants and, to the knowledge of the researchers,
no study on direct mapping of Mandarin consonants
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consonants (b p m f d t n l g k h) in CV syllables (V
is the low vowel /a/) (not included in the analysis) to
familiarize the listeners with the identification and
rating tasks. The 10 test stimuli in the same C+/a/
syllables (z /ts/, c /tsʰ/, s /s/, j /tɕ/, q /tɕʰ/, x /ɕ/, zh /tʂ/,
ch /tʂʰ/, sh /ʂ/, r /ʐ/) were randomized and played back
three times with an inter stimulus interval (ISI) of 7
seconds for identification and goodness rating tasks.
The participants listened to each Mandarin stimulus
once and identified it as one of the ten English sounds
by circling the corresponding item on the answer
sheet. Immediately after the identification of the
stimulus sound, the listeners rated the fitness of the
sound they identified by circling a number along the
scale of 1 (poor) to 7 (good). The 10 English sounds
chosen for the identifications are cha sha sa ra ja za ta
da ɵa and ða (‘tha’ is avoided because it could not
distinguish the voice contrasts). The choices were
made based on the results of a pilot test on two trained
native English-speaking phoneticians.

onto English categories through cross-linguistic
identification test.
Learners’ L2 learning experience also plays an
important role in the success of acquisition of L2
sounds. Numerous past studies have indicated that
experienced learners performed significantly better in
mastering the perception and production of L2 sounds
[2]. The current study also investigates the effect of
L2 experience by comparing beginning and
intermediate level CFL learners’ perceptual accuracy
of Mandarin consonants. The research questions are:
1) How do the perceived phonetic distances between
L1 and L2 sounds influence English CFL learners’
perceptual identification of Mandarin consonants? 2)
Does increased L2 experience make a difference in
perceptual learning of L2 Mandarin consonants?
2. EXPT. 1: CROSS- LINGUISTIC
PERCEPTUAL CLASSIFICATION
2.1. Participants

2.4. Results

The participants were 16 (6 male, 10 female)
native English-speaking undergraduate students at a
U.S. university. Six of the participants reported
speaking another language as their first language
along with English (3 Spanish, 2 Punjabi, and 1
Hmong). Two of them were born in a foreign
country but moved to the U.S. at a very young age.
The mean age of the group is 19.5 years (range: 1824). The participants had some basic training in
linguistics and all were enrolled in an introduction to
Linguistics course at the time of the study. All
participants have taken foreign language courses,
mostly Spanish at high school but none have studied
Mandarin Chinese.

Table 2 presents the mean percentages of
identifications of the 10 Mandarin consonants as
English sounds along with the rating scores. The
number in boldface is the “modal classification”,
indicating the highest frequency of identifications of
each Mandarin consonant as the English category. To
take into account both the identification and the rating
scores for the measurement of the perceived phonetic
distances between English and Mandarin sounds, the
fit index was calculated for each cross linguistically
classified category that received more than 25% of
identification score (see Table 2).

2.2. Material

Table 2: Mean % ID, rating scores, and fit indexes of
Mandarin to English sound mapping by English listeners.

Ten Mandarin Chinese consonants in CV position
produced by a male native speaker were used as
stimuli for the cross-linguistic identification task. The
target words were produced in a carrier sentence wo
shuo ___ zi ( 我 说 --- 字 ). “I say --- word”. The
recordings were made on a MacPro computer using
Praat software. The target words were separated from
the sentences using waveform editing, normalized for
peak volume, and saved as wave form for
presentations.

Mandarin
Sounds
r /ʐ /
sh /ʂ/
ch /tʂʰ/

2.3. Procedure

/ʧ/

Rating

Fit
Idx

Match

6.3

6.3

Good

100

5.8

5.8

Good

90

4.9

4.4

Fair

4.3

Fair

s /s/

/s/

77

z /ts/

/s/

79

4.9

3.9

Fair

j /tɕ/

/ʤ/

81

4.4

3.6

Poor

zh /tʂ/

/ʧ/

67

4.9

3.3

Poor

q /tɕʰ/

/ʧ/

67

3.5

2.3

Poor

46

3.8

1.7

Poor

38

4.5

1.7

Poor

46

2.6

1.2

Poor

27

3.7

1.0

Poor

c /tsʰ/
x /ɕ/
x /ɕ/
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/ʃ/

%
ID
100

5.6

c /tsʰ/

The listening tasks were performed in a classroom
equipped with an internal speaker system. The
participants were given detailed instructions about the
identification and rating tasks. The instruction was
followed by a practice session using 11 Mandarin

English
ID
/ɹ/

/s/
/t/
/ʃ/
/z/

The fit index was derived from multiplying the
percentage of (the proportion of) identifications and
goodness ratings. As seen in Table 2, there is a range
of phonetic distances between the L1 and L2 sounds
based on the fit indexes (6.3-1.0). As a working
hypothesis, the 10 categories were divided into
“good”, “fair”, and “poor” subgroups based on the
mean fit indexes (3.7, s.d.=1.7) of the modal
classification of each sound. The “poor” matching
categories were x /ɕ/, c /tsʰ/, q /tɕʰ/, zh /tʂ/, and j /tɕ/
whose fit indexes were below the mean. The “fair”
fitting categories were ch /tʂʰ/, s /s/, and z /ts/ whose
fit indexes were at or above the mean. The “good”
matching sounds were r /ʐ/, sh /ʂ/ whose fit indexes
were 1s.d. above the mean.
In terms of perceptual assimilation patterns,
although eight of the 10 Mandarin consonants had the
modal classifications of 67% -100% of instances,
they were not all simple one on one mapping
categories (see Figure 1). Three Mandarin categories
were all heard as the English /ʧ/ but with different fit
indexes: q /tɕʰ/ (2.3), zh /tʂ/ (3.3) and ch /tʂʰ/ (4.4),
indicating /tʂʰ/ was a “fair” match and both zh /tʂ/ and
q /tɕʰ/ were “poor” matches for English /ʧ/. Similarly,
three Mandarin sounds, s /s/ (4.3), z /ts/ (3.9), and c
/tsʰ/ (1.7) were all mapped onto one English category
/s/, forming “fair” matches for the former two and
“poor” match for the later. Mandarin sh /ʂ/ and x /ɕ/
were both classified as English /ʃ/, with the former a
“good” match (5.8) and latter a “poor” match (1.2)
category. In contrast to the above 3 to 1 and 2 to 1
mapping patterns, Mandarin c /tsʰ/ and x /ɕ/, appeared
to have the 1 to 2 mapping pattern as each one was
matched to two English sounds. Figure 1 presents
these split matches.

3. EXPT. 2: ENGLISH CFL LEARNERS’
PERCEPTION OF MANDARIN
CONSONANTS
3.1. Participants

A total of 47 English-speaking CFL learners at a
US university at three different levels participated as
listeners. The beginning level group consisted of 32
real beginners (18 male, 14 female, mean age = 18.9)
enrolled in a first semester Chinese class. At the point
of data collection, they were about 3 months into the
16-week semester. Eight participants (3 male, 5
female, mean age = 21.9) enrolled in a third semester
Chinese class formed the Early Intermediate Group
and the remaining seven learners (3 male, 4 female,
mean age=19.3) enrolled in a 5th semester Chinese
class formed the Late Intermediate Group. Although
all reported speaking English as their first language,
some speakers reported speaking another language
along with English as their first languages (Hmong,
Spanish, Telugu, and Lao).
3.2. Material

The stimuli for the perceptual identification test
were the same sounds used in Experiment 1.
3.3. Procedure

The test procedures were the same as Experiment
1 except that the CFL learners identified each
Mandarin consonant stimulus by circling the
corresponding item in pinyin on the answer sheet. The
ISI was reduced to 6 seconds as there was no rating
task following the identification task.
3.4. Results

Figure 1: Mandarin to English sound mapping patterns by
English listeners. 3 to 1 and 2 to 1 mappings are in blue
squares and 1 to 2 mappings are in red circles.

The listeners’ percentage correct identifications
were submitted to a multivariate analysis with Group
(Beginning, Early and Late Intermediate) as between
group factor and Consonant (10) as multivariate
factor. The effect of group was significant (F=
10.229, p=.000.) However, post hoc Tukey HSD tests
revealed the differences were significant between the
Beginning and the Early Intermediate groups, and
between the Beginning and the Late Intermediate
groups but not significant between the Early and Late
Intermediate Groups. As a result, the latter two
groups were combined to form the Intermediate
Group for further analysis.
Figure 2 presents the percentage of correct
identifications of the Mandarin consonants by the
Beginning and Intermediate groups. A One-way
ANOVA revealed the mean difference between the
two groups was significant F= 17.146, p =.000. A
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among the 10 target sounds, especially for the
beginning level learners. These four sounds were also
the “poor”, (also the worst) fitting categories in crosslinguistic mapping test in Experiment 1. On the other
hand, the two best matching categories, r /ʐ/, and sh
/ʂ/, received the highest % identifications for both
groups, followed by the “fair” match sounds ch /tʂʰ/,
s /s/, and z /ts/. Therefore, the findings suggest that
the perceived phonetic distances between L1 and L2
consonants predicted the CFL learners’ L2 Mandarin
consonant perception problems, especially for
beginning level learners. Revisiting research question
2, which asked whether increased L2 experience
makes a difference in perceptual learning of L2
Mandarin consonants, the results showed the
intermediate level group performed significantly
better than the beginning level group on 5 of the 10
Mandarin consonants, indicating increased L2
learning experience helped the learners in their
perceptual identifications of the “poor” fit categories.
With regard to L2 perception theories, the
Category Goodness type of the PAM model may
explain the sh /ʂ/ and x /ɕ/ to English /ʃ/ match. In fact,
the data suggest the CG type may be expanded to
include the 3 to 1 matches (see Figure 1): ch /tʂʰ/, zh
/tʂ/, and q /tɕʰ/ to English /ʧ/, and s /s/, z /ts/, and c
/tsʰ/ to English /s/. In all these CG cases, the better fit
sounds (among the 3 or 2 to 1 matches) ch /tʂʰ/, s /s/,
and sh /ʂ/ received higher % identification scores than
the poorer match categories by the CFL learners. The
findings support the predictions of the CG type of the
PAM. However, what might be difficult to explain
with the PAM model is c /tsʰ/, which is mapped onto
two English categories /s/ and /t/ with the same fit
index score of 1.7. Similarly, x /ɕ/ categorized as
English /ʃ/ (1.2) and /z/ (1.0) also had the 1 to 2 split
categorizations (see Figure 1). These may be the
“reversed” Single Category type of assimilation in
which the target sound is classified as two different
L1 sounds. Both sounds proved to be difficult in
perception by the CFL learners.
Flege’s SLM, a more dynamic model, may also
explain some of the current findings. The learners’
phonetic spaces for L1 and L2 consonants need to be
reorganized to establish new phonetic categories for
the poor match Mandarin consonants, especially
those 3 to 1, and 2 to 1, as wells as the split mapping
sounds discussed in the above. For example, learners
need to establish separate categories for c /tsʰ/, x /ɕ/,
z /ts/, q /tɕʰ/ and others. On the other hand,
“equivalence classification” of the SLM may be at
work for the Mandarin r /ʐ/ classified as English /ɹ/
(6.3), and sh /ʂ/ as /ʃ/ (5.8). While these sounds were
the best identified categories by the learners,
production data are needed to assess the learners’
success in producing these categories. The current

series of one-way ANOVAs established significant
differences between the two groups on zh /tʂ/, F=
4.16, p=.047, q /tɕʰ/, F= 7.463, p =.009, c /tsʰ/,
F=15.67, p = .000, x /ɕ/, F= 8.179, p=.006, and on /s/,
F=4.889, p = .032. The differences between the other
sounds were not significant.
Figure 2: The % correct identifications of Mandarin
consonants by the beginning and intermediate groups

4. DISCUSSION
Experiment 1 shows that the 10 Mandarin
consonants were mapped onto English sounds with a
range of fit index scores of 1.0 (poorest) to 6.4 (best)
by native English listeners. The good matches were r
/ʐ/ and sh /ʂ/ to English /ɹ/ and /ʃ/. It is worth noting
that sh /ʂ/, a retroflex sound, was 100% identified as
English /ʃ/, a surprizing finding. The shared feature of
friction noise might be the main cue that led to the
match of /ʂ/ to the nearby English /ʃ/. Detailed
analyses of acoustic properties and perceptual tests
that manipulate these acoustic cues is needed to
further explore the key acoustic weights that cue the
cross-linguistic mapping of /ʂ/ to /ʃ/ and the L2 to L1
matches of all other nine sounds under investigation.
Among the three “fair” matching sounds ch /tʂʰ/, s
/s/, and z /ts/, Mandarin /s/, which has an English
counterpart, was identified as English /s/ 77% of
instances. The problem with /s/ might be related to the
confusions caused by the two Mandarin affricates, z
/ts/ and c /tsʰ/, the competing matches to English /s/
(see Figure 1). The poor fitting sounds are the
Mandarin x /ɕ/, c /tsʰ/, q /tɕʰ/, zh /tʂ/, and j /tɕ/.
How do the perceived phonetic distances between
L1 and L2 sounds influence English CFL learners’
perceptual identification of Mandarin consonants?
Experiment 2 data showed that zh /tʂ/, q /tɕʰ/, c /tsʰ/,
and x /ɕ/ received the lowest % identification scores
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data also suggest that L2 learning experience is a
predictor for learning, which also supports the SLM.
5. CONCLUSIONS
The cross-linguistic perceptual identification and
goodness rating tasks by native English listeners
established different assimilation patterns of L2
Mandarin categories to the L1 English consonant
system with poor, to fair, and good matches. The data
suggest that phonetic distances between Mandarin
and English consonants is a predictor for learners’
success in perception of Mandarin consonants.
Mandarin sounds with higher fit indexes to English
categories are better identified by learners than those
with lower fit indexes. L2 experience is also an
important factor for perceptual learning of Mandarin
consonants. Both the PAM and SLM models partially
explain the CFL learner’s perceptual difficulties.
The current study provided new data to the field of
L2 speech perception and filled the gap of crosslinguistic perceptual classification of L2 Mandarin
sounds in terms of L1 English sounds. One limitation
of the current study is the lack of production data.
Future studies need to examine learners’ production
of Mandarin consonants to gain better understanding
of the relationship between the perception and
production in L2 consonant acquisition.
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aspirated consonant than the other consonant sounds
[3]. Similar tendency is also found in the production
studies; [4] and [2] revealed that the female in their
40’s did not show much difference in the VOT (Voice
Onset Time) between the lax consonant and the
aspirated consonant.
The difficulty of learning the three way contrast of
Korean stop sounds by L2 learners of Korean has
been frequently reported in the previous studies.
However, the findings were mostly based on the
behavioural data, which sometimes are found
different from the responses in the brain.
In this study, we use ERP (Event Related Potential)
to investigate the acquisition of Korean stop sounds
by Chinese learners of Korean in order to obtain more
direct response data from the brain.

ABSTRACT
This study examined the neural sensitivity to the
Korean stop sounds /t/(ㄷ), /t’/(ㄸ) and /th/(ㅌ) of
Chinese learners of Korean using ERP (EventRelated Potentials). The overall results showed that
both advanced and intermediate learners were
sensitive to the distinction between stop sounds
except for the condition /tʰa/-/ta/ to which only
advanced learners showed MMN (mismatch
negativity). These results indicate that the learners’
phonological sensitivity develops as their general L2
proficiency improves. The findings of this study
provide a new piece of neurophysiological evidence
for the L2 phoneme development.
Keywords: Korean stop sound, MMN, ERP, Korean
as a foreign language, Chinese learners of Korean

2.2. Previous Studies on MMN

1. INTRODUCTION
This study examined the acquisition of Korean stop
sounds /t/(ㄷ), /t ’ /(ㄸ) and /th/(ㅌ) by advanced
Chinese learners of Korean using Event-related
Potentials(ERPs). The Korean alveolar stop sounds /t/,
/t’/ and /th/ have a complex plosive system, varying
depending on the manner of articulation; /t/: a lax stop
(lenis), /t’/: a tensed stop (fortis), and /th/: an aspirated
stop [1]. On the other hand, Chinese has only twoway contrast: /t/ and /th/. In this study, we used ERP
(Event Related Potential) to investigate the
acquisition of Korean stop sounds by Chinese
learners of Korean focusing on the effect of general
proficiency on the L2 phoneme development.
2. LITERATURE REVIEW

MMN (Mismatch Negativity) is a negative polarity
component which is elicited when listeners
distinguish any change in a flow of repeating sounds
[6][7][8]. The MMN usually peaks at around 100250ms with its largest amplitude at the fronto-central
scalp areas. Most importantly, as the MMN is elicited
even when the listeners are not paying any attention
to the sound they hear, which makes it appropriate for
the speech-sound processing experiments.
Recently, [5] showed native speakers’ sensitivity to
the three way distinction not only in the behavioural
task (high accuracy rates of 96.35) but also in the ERP
experiment with elicitation of MMN. This study uses
the same method to find out possible changes of
MMN amplitude by the increase of the learners’
proficiency of Korean compared to native speakers.
2.3. Native Speakers: AX Discrimination Task (Lee et
al. 2018)

2.1. Previous Studies on /t/(ㄷ), /t’/(ㄸ) and /th/(ㅌ)
Overall Accuracy The accuracy rates were high (over
90%), and the difference in the mean accuracy rates
between the two groups (20s vs. 50s) was significant
(p=0.005)

Recent production and perception studies on Korean
consonants have shown that the perceptual difference
between the lax consonant and the aspirated
consonant seems to be slowly fading away. For
example, children took longer in distinguishing the
difference between the lax consonant and the
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Overall Reaction Time (RT) There was no significant
difference in the average RTs between the two groups.

lax and tensed stop sounds in which the Chinese
learners of Korean are expected to have difficulty in
distinguishing due to the lack of tensed sound in
Chinese. The specific research questions are as
follows:
1. Do advanced Chinese learners of Korean
show sensitivity in their behavioural
responses to the perception of Korean lax
and tensed stop sounds?
2. Do advanced Chinese learners of Korean
show sensitivity in their neural responses to
the perception of Korean lax and tensed stop
sounds?
3. Do advanced Chinse learners of Korean
show different patterns between behavioural
and neural responses to the perception of
Korean lax and tensed sounds?
4. Do advanced Chinese learners of Korean
show different sensitivity to the Korean stop
sounds from intermediate learners of Korean?

2.4. Native speakers: ERP Experiment (Lee et al.,
2018)

2.4.1 Standard /ta/ with deviant /tha/:
300-400ms: Only the older group seemed to elicit
MMN and the younger group showed a very low
MMN amplitude.
400-550ms: P3a was elicited by both groups.
However, no statistically significant group interaction
was found throughout all the time windows.
2.4.2. Standard /ta/ with deviant /t’a/
300-400ms: MMN was elicited by both groups and
the difference was statistically significant
(Ant*Group Interaction: F(1.32, 1.96)=3.579,
p=0.053). The negativity was significantly larger at
the frontal and central area for the older group. Older
group were more sensitive to the sound change than
younger group.
400-500ms: P3a was also elicited by both groups, but
no significant statistical difference was found.

3. METHOD
3.1. Participants

A total of 27 learners of Korean participated in this
study. They were divided into two groups according
to their TOPIK score (Advanced:16 with TOPIK 6,
score range; 237-303; Intermediate: 11 with TOPIK
3-5, score range=146-214). Participants were all
right-handed, normal with uncorrected hearing. They
had no history of mental disorder.

2.4.3. Standard /tha/ with deviant /ta/
The opposite condition showed very low MMN
amplitude in the 250-400ms time window in both
groups but no statistical significance was found.
500-650ms: Only the older group showed a
significant positivity in the frontal-central area (P3a)
(Ant*Group Interaction: F(2, 35)=2.502, p=0.089
(marginally significant)). The older group was more
sensitive to the difference between /tha/ and /ta/,
eliciting a unconscious attentional switching
component (P3a).

3.2. Stimuli
Monosyllable sounds consisted of a stop consonant
and a vowel a: /ta/, /t’a/, and /tha/. The sound files
were recordings of naturally produced tokens
provided by National Institute of Korean Language.
The stimuli were matched in duration (600ms) and
pitch (110 Hz), spoken by a female speaker of Korean.
The sound stimuli were designed in four five-minute
blocks:

2.4.4. Standard /t’a/ with deviant /ta/
200-300ms: The older group showed a larger MMN
amplitude than the younger group.
400-550ms: A larger P3a amplitude was elicited by
the younger group. However, no significant statistical
difference was found.

- [Block 1] /ta/ with deviant /tha/
- [Block 2] /ta/ with deviant /t’a/
- [Block 3] /tha/ with deviant /ta/
- [Block 4] /t’a/ with deviant /ta/

2.5. Research Goals of the Current Study

This study examined the acquisition of Korean stop
sounds /t/, /t’/ and /th/ by advanced and intermediate
Chinese learners of Korean using data from brain
responses as well as behavioural responses. This
study used an ERP experiment for brain responses
and an AX discrimination task for behavioural
responses. We focused on the discrimination between

3.3. Tasks
Behavioural
task:
discrimination task
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AX

(same-different)

0.1Hz – 70Hz with the sampling rate of 500 Hz and
the electrode impedance was kept below 20kΩ.
During the EEG recording, the participants were
told to ignore the series of sounds and to concentrate
on the silent movie.
For statistical analysis, repeated measured
ANOVAs were conducted with ant-pos (anterior,
central, posterior), std-dev (standard, deviation) as
within-groups factors and group (advanced,
intermediate) as a between-groups factor.

A pair of speech sounds were presented over
headphones and the participant was asked to judge if
the two sounds were the same or different by pressing
the buttons (either “M(=same)” or “N(=different)”) as
quickly and accurately as possible. Accuracy and
reaction time were measured. Reaction time was
measured from the onset of the second vowel token
in each pair. There were 7 conditions with 5 tokens
per each condition. Each participants heard 35 trials
of the two randomized sounds.

3.4. Results
Behavioural results
Accuracy rates by condition (No significant
difference among conditions and between groups)

ERP experiment
Oddball paradigm: The stimuli were divided into two
categories, standard and deviant stimuli, and the
MMN is elicited when the auditory perceptual system
detects a mismatch between a neural representation of
a frequently repeated stimulus (standard) and a
stimulus deviating in at least one parameter (deviant).
There were four conditions. The sound stimuli were
designed in four five-minute blocks:

Reaction time by condition (No significant difference
among conditions and between groups)

ERP Results
Standard /ta/ with deviant /tʰa/ MMN was elicited
(F(1,25)=6.28, p=0.02) and there was no difference
between groups.
The order of blocks was counter-balanced across the
participants. Each block consisted of 250 standard
and 50 deviant stimuli, and the block was also
pseudo-randomized.
The participants were introduced to a soundattenuated shield room and sat approximately 70cm
in front of a computer screen. They watched the silent
movie: “Oggy and the Cockroaches, 2013” while the
series of sounds were coming from the headphone.
The EEG was recorded with Brainamp(Brain
Products GmbH, München, Germany) from 32
Ag/AgCl electrodes placed according to the 10-20
system. To detect the eye movements more precisely,
4 electrodes were used as vertical electrooculogram(VEOG)
and
horizontal
electrooculogram(HEOG). Online filters were set between

Figure 1. Difference waves at electrode Fz for
Standard /ta/ with deviant /tʰa/
Standard /ta/ with deviant /t’a/ MMN was elicited in
the anterior and central regions (anterior:
F(1,25)=6.49, p=0.017, central: F(1,25)=4.99,
p=0.035) with no difference between groups.
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deviant /t’a/, MMN was elicited. With standard / t’a /
with deviant /ta/: MMN was elicited at 100-200 ms
and P3a was elicited at 200-300 ms.

Figure 2. Difference waves at electrode Fz for
Standard /ta/ with deviant /t’a/
Standard /tʰa/ with deviant /ta/ MMN was not elicited.
The difference between groups was also not
significant.

RQ 3. Do advanced Chinse learners of Korean show
different patterns between behavioural and neural
responses to the perception of Korean lax and tensed
sounds? The answer is yes; they showed sensitivity to
the difference between the two sounds in their
behavioural responses with high accuracy and similar
response time. On the other hand, their neural
response showed mixed results (/ta/ with deviant /tʰa/
MMN vs. /tʰa/ with deviant /ta/ No MMN).
RQ 4. Do advanced Chinese learners of Korean show
different sensitivity to the Korean stop sounds from
intermediate learners of Korean? The answer is yes;
even though the two groups did not differ in their
behavioural responses, their neural sensitivity was
different; the advanced learners were more sensitive
than the intermediate learners. These results shows
the effect of general proficiency on the L2
phonological development. As the learners’
proficiency develop, their neural sensitivity to L2
phoneme distinction improves. These results indicate
that automatic processing of the L2 phoneme is
possible when the learners become highly proficient
in L2.

Figure 3. Difference waves at electrode Fz for
Standard /tʰa/ with deviant /ta/
Standard / t’a / with deviant /ta/ MMN was elicited
(F(1,25)=8.58, p=0.007) with no significant
difference between groups.

Now, comparing the advanced learners’ data with the
native speakers’ from Lee et al. (2018), the learners’
behavioural responses were less accurate than native
speakers (NS: 90-95% vs. L2 learners: 85%; t=3.01,
p=0.002). Their neural responses were less sensitive
than native speakers. In particular, with the
distinction between /ta/ vs. /tʰa/, native speakers
showed MMN in both directions whereas L2 learners
showed no MMN in /tʰa/ vs. /ta/.

Figure 4. Difference waves at electrode Fz for
Standard / t’a / with deviant /ta/

5. CONCLUSION
The overall ERP result implies that both advanced
and intermediate Chinese learners of Korean are
sensitive to the distinction between stop sounds
except for the condition /tʰa/-/ta/, but their sensitivity
is weaker than native speakers’. Their behavioural
responses also show similar results to the neural
responses with lower accuracy rate compared to
native speakers’. These results indicate that the
learners’ phonological sensitivity develops as their
general L2 proficiency improves. The findings of this
study provide a new piece of neurophysiological
evidence for the L2 phoneme development, contrary
to the critical period hypothesis.

4. DISCUSSION
RQ 1. Do advanced Chinese learners of Korean show
sensitivity in their behavioural responses to the
perception of Korean lax and tensed stop sounds? The
answer is yes; they are sensitive to the Korean lax and
tensed stop sounds.
RQ 2. Do advanced Chinese learners of Korean show
sensitivity in their neural responses to the perception
of Korean lax and tensed stop sounds? The answer is
yes with standard /ta/ with deviant /tʰa/, where MMN
was elicited. With standard /tʰa/ with deviant /ta/,
MMN was not elicited. With standard /ta/ with
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ABSTRACT

third language (L3) acquisition. These studies
explore the role that previous learnt languages play
in the acquisition of a new language. Factors
suggested to contribute to cross-linguistic influence
(CLI) include typological proximity, proficiency,
recency of use and exposure, among others [9, 18].
Some scholars argue that the mother tongue is the
main source of CLI [15], while others propose it is
the L2 [10, 12] or a combined effect of both [23].
While many studies examine the effect of L1 on
L2 or L3, few studies have looked at regressive
influence, i.e., the effect of later learnt languages on
the previous ones [4, 20, 21, 23]. According to the
Phonological Permeability Hypothesis [5], a L2
phonological system is less resistant to L3’s effect
than the L1 since the L1 system is more stable than
the L2. Evidence was found in L3 Portuguese
influence on L2 Spanish vowel production by L1
English speakers who had acquired Spanish after the
age of 12 [4]. The effect of L3 on L2 was not found
in perception. Further, Wrembel [23] found that L1
Polish, L2 English and L3 French leaners were
successful in producing native-like stops in their L2,
but not in their L3, despite similarities between the
L1 and the L3. Moreover, learners produced L1 /t, k/
with longer VOT than Polish monolinguals did, but
not /p/. Finally, Sypiańska [21] compared the
production of vowels in L1 Polish, L2 Danish and
L3 English by monolinguals, bilinguals and
trilinguals of these languages. Influence from L3
English was found in L1 Polish, but not in L2
Danish.
Some other studies have also reported a
relationship between L2 experience and regressive
CLI (e.g., [11, 16, 17]). Flege [11] found that
amount of L2 experience affected the production of
L2 English and L2 French stops, but also that L2
experience had an effect on the L1: experienced L2
speakers (English speakers living in France and
French speakers living in the US) produced L1 stops
with VOT values that differed significantly from
those of monolingual English and French speakers.
Further, the French speakers in the US had a merged
category for English and French stops, which
differed from both monolingual groups’ values. Few
studies have looked at the effect of L2 experience on
L1 perception [6, 22]. For instance, Williams [22]
investigated both the production and the perception

Studies on cross-linguistic influence often
investigate the effect of the L1 on subsequently
learned languages. This paper reports the results of
two studies exploring the effect of language learning
on the perception of VOT in the L2/L3 but also in
the L1. First, Spanish learners of English differing in
learning setting and experience identified stimuli
from a /pi/-/bi/ continuum in English and in Spanish.
Then, two groups of Mandarin speakers living in
Spain performed similar identification tasks
involving Mandarin, English (L2) and Spanish (L3).
Evidence of bidirectional cross-linguistic
influence was found: a) experienced learners
resembled native target language speakers more
closely than inexperienced learners showing a
positive effect of L2 exposure; b) L2/L3 learners
differed from monolingual speakers of their native
languages indicating an effect of L2/L3 on L1. Still,
little evidence of separate perceptual systems was
found among bilinguals and trilinguals. Results are
discussed in light of previous findings.
Keywords: L2 perception, L3 acquisition, VOT, L1
attrition
1. INTRODUCTION
Amount of second language (L2) experience has
often been shown to have a positive effect on L2
performance, both in perception and production (e.g.
[3, 11, 13]). For instance, Bohn and Flege [3]
reported that German experienced learners of
English, but not inexperienced learners, relied more
on spectral cues than on duration in their perception
of the English /ɛ/-/æ/ contrast, in line with English
monolinguals. Still, some studies have failed to find
an effect of L2 experience. Cebrian [7] found no
difference in the perception of /i/-/ɪ/ between Catalan
learners of English in their home country and longterm Catalan residents in Canada. Interestingly,
Cebrian found that the Catalans living in Canada
were less accurate in their L1 perception than the L2
learners in Spain, showing an effect of L2
experience on the L1.
Recent work has also explored the nature of
cross-linguistic influence in cases of additional or
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of Spanish and English initial /p, b/ and found that
Spanish-English
bilinguals
patterned
like
monolinguals in their production of stops in each
language, but they differed from monolinguals in the
perception of the VOT: the bilinguals’ crossover
location was intermediate between the category
boundaries of the two monolingual groups.
The present paper reports the results of two
studies examining the perception of stops in L1, L2
and L3. The shared goal of the two studies was to
assess if learning an additional language affects the
perception of the previously learned languages,
particularly when learning occurs in the target
language setting. Study 1 looked at Spanish-English
bilinguals, while Study 2 looked at L1 Mandarin
Chinese, L2 English and L3 Spanish speakers.
Spanish contrasts short voice lag and voice lead
VOT, while English distinguishes between short lag
(or possibly voice lead) and long lag VOT [14].
Mandarin Chinese has an opposition between short
lag and long lag VOT, and VOT generally tends to
be longer than in English [8].

all productions. Prevoiced steps were created by
manually adding 5 ms cycles of prevoicing before
the burst. Similarly, the aspirated steps were created
by manually adding 5-ms periods of aspiration. The
resulting continuum had a total of 17 stimuli varying
in VOT in steps of approximately 5 ms.
2.1.3. Procedure
The same stimuli were used in two identification
tasks created in Praat [2] – a Spanish one and an
English one. The 17 stimuli were randomized and
repeated four times, resulting in 68 trials. Six
practice trials preceded the test. The tasks differed in
the response alternatives. In the Spanish test, the
stimuli had to be labelled as the first syllable in
bicho (bug) or in pico (peak), and in English the
response labels were peeler and beetle. In order to
control for language mode participants read a list of
sentences in the target language before each test and
watched a 5-minute video clip in that language prior
to the task. The INEXP group was tested in Spain,
the EXP group was tested in London, UK.

2. STUDY 1

2.2. Results

The purpose of this study was to assess the effect of
L2 experience on both L1 and L2 perception of
bilabial stops. L1 and L2 perception of Spanish
learners of English living in Spain was compared to
that of Spanish speakers living in London (UK).

The results obtained in the identification tasks were
converted using a logistic function, and the category
boundary for each participant was obtained by
applying the formula -LN(b0)/LN(b1) [1], where b0
is the constant and b1 the slope of the function
obtained. Table 1 shows the values for each group.
A one-way ANOVA was conducted for each
language with group as the independent variable and
perceptual boundary as the dependent variable. In
English, a significant effect of experience was found
(F(2, 26) = 7.152; p < .01). Tukey HSD post-hoc
comparisons revealed significant differences
between INEXP and EMONO (p < .01), whereas
EXP did not differ from either group.

2.1. Method
2.1.1. Participants
20 Spanish learners of English were divided into two
groups: inexperienced learners of English (INEXP,
N = 11), who were English majors at a Spanish
university, and had not spent time in an English
speaking country except for short visits, and
experienced learners of English (EXP, N = 9), who
had lived in the UK for a mean of 3.9 years. A group
of functional monolinguals of Spanish (SMONO, N
= 7) and English (EMONO, N = 9) were also tested
for comparison purposes.

Table 1: Perceptual boundary for each group and
language in Study 1.
Language
Group
EMONO

2.1.2. Identification task

INEXP

A VOT continuum ranging from -30 ms to +60 ms
was created by modifying a selected ambiguous
natural token. To that effect, the production of 10
aspirated, 10 short-lag and 10 prevoiced bilabial
stops, followed by /i/, were elicited from a
phonetically trained male speaker. The token with
the burst that was the closest in duration to the mean
of all productions was selected as the ambiguous
token, and its intensity was set to the mean value of

EXP
SMONO

Mean
SD
Mean
SD
Mean
SD
Mean
SD

English
(ms)
14
2.5
9.1
3.5
12.1
2.6
——

Spanish
(ms)
——
8.5
3.1
11.2
3.5
4.7
6

Regarding the Spanish test, experience was
found to influence L1 perception significantly
(F(2,24) = 4.8; p < .05), as the post-hoc analyses
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showed that EXP differed significantly from
SPMONO (p < .05), whereas INEXP did not.
Finally, a paired samples t-test was carried out to
compare the perception in Spanish and in English of
the INEXP and EXP. The boundaries of neither of
the groups in Spanish and in English were found to
differ significantly (INEXP: t(11) = .54; p = .6;
EXP: t(9) = 1.12; p = .3 ).
In brief, the results of Study 1 show evidence of
CLI from L1 to L2 for INEXP, who differed from
EMONO in their perception of English stops. In
addition, regressive CLI was also found as EXP
differed from SMONO in the perception of Spanish
stops. Still, both L2 groups seemed to have a single
perceptual category for both languages.

extracted from a selected voiceless aspirated stop
using a Praat script. The resulting continuum ranged
from -105 ms to 135 ms, varying in steps of 4.5 ms
between -34 ms to +27 ms and in steps of 9 ms for
the rest, resulting in a total of 33 stimuli, covering
all VOT models in the three languages under study.
Smaller (4.5 ms) steps were used in the center of the
continuum where the perceptual category boundary
was more likely to be located [22]. A two-alternative
forced choice task was created with Praat [2]. All
stimuli were embedded in a carrier sentence in each
language, spoken by the same male speaker as in
Study 1, and found unaccented by native listeners.

3. STUDY 2

As in Study 1, there was one task for each language.
The stimuli were randomized and each stimulus
appeared three times, resulting in 99 trials per task,
preceded by a few practice trials. The response
alternatives were 鼻 /pi/ (nose) and 皮 /phi/ (skin) in
the Mandarin test, beach and peach in English, and
pita and bita in Spanish. Prior to each test, a short
video was shown in the tested language to set the
right language mode. Groups B and T, the Spanish
monolinguals and English native speakers were
tested in Spain; the Chinese monolinguals were
tested in China.

3.1.3. Procedure

This study attempted to explore the effect of the
newly learnt language on the previous learnt ones,
namely, the effect of learning L3 (Spanish) on the
perception of L1 (Mandarin) and L2 (English).
3.1. Method
3.1.1. Participants
The participants were 10 Mandarin Chinese native
speakers with L2 English (Group B, for bilinguals)
and 10 Mandarin Chinese native speakers with L2
English and L3 Spanish (Group T, trilinguals). The
groups were comparable in the average number of
years learning English, about 12.5 years. No
participants had lived in an English speaking country
and all of them had spent 1.2-1.8 years in a Spanish
speaking country. Despite living in Spain,
participants in Group B reported speaking only
English and Mandarin, whereas participants in
Group T had a degree in Spanish and reported daily
use of the language. The control group included 8
speakers: 4 Mandarin monolinguals (MMONO), 2
English monolinguals (EMONO), and 2 Spanish
monolinguals (SMONO).

3.2. Results
A perceptual boundary was calculated using the
same procedure as in Study 1. Table 2 presents the
means and standard deviations for each group and
language.
Table 2. Perceptual boundary for each group and
language in Study 2.
Language
Group
B
T

3.1.2. Identification task

MMONO

A VOT continuum was created from natural tokens
produced by the same phonetically trained speaker
as in Study 1 in a similar fashion. In this case, the
selected ambiguous burst had a duration and
intensity that were closest to the average across the
productions in all three languages (Spanish, English
and Mandarin). The prevoiced steps were created
following Schuttenhelm [19]. Cycles of about 9 ms
were extracted from the middle of the prevoicing
period of a selected voiced stop. The voiceless steps
were created by adding periods of aspiration

EMONO
SMONO

Mean
SD
Mean
SD
Mean
SD
Mean
SD
Mean
SD

Mandarin
(ms)
26.53
6.73
28.09
5.11
40.97
7.39

English
(ms)
20.17
4.82
24.69
5.96

Spanish
(ms)

——

——

——

22.68
1.49

——

——

——

-2.27
6.99

——
23.04
6.72

The results for the English and Spanish
monolingual speakers differ slightly from those
obtained in Study 1, which may be due to
differences in the vowel continua and in the number
of monolinguals tested. Nevertheless, in both cases,
monolingual speakers patterned as expected for each
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language group: Spanish has the earliest perceptual
boundary, followed by English, and Mandarin has
the latest one.

L3 Spanish. Both groups of Mandarin speakers were
found to perceive English stops in a similar fashion
to monolingual English speakers, which may be
related to the fact that voiceless stops are aspirated
in both L1 and L2, even though VOT is reported to
be greater in Mandarin Chinese [8]. The trilinguals,
however, did not achieve native-like perception in
Spanish, showing an influence of the L1 or L2, or
joint, on L3 perception. On the other hand, both the
bilinguals and the trilinguals differed from the
monolinguals in their perception of Mandarin
Chinese: B and T had a perceptual boundary (26.5
and 28, respectively) closer to the values for English
monolinguals
(22.7)
than
for
Mandarin
monolinguals (41). This may indicate an influence
of the L2, or L3, on the L1. Overall, these findings
do not provide support for the PPH [5], as CLI
seemed to affect the L1 more than the L2. These
results are more in accordance with previous studies
that found CLI influence on L1 [21, 23]. The similar
results obtained for B and T in L1 perception may be
due to the fact that participants in both groups were
living in Spain and were exposed to Spanish and to
Spanish-accented English, that is, to VOT
productions with little aspiration. Thus, the lower
perceptual boundary for B and T in their L1 could
result from influence from both the L2 and the L3.
This, together with the effect of L2 experience on L1
perception found with the EXP group in Study 1,
may point to the role of learning setting and ambient
language in L1 attrition [7,11].
Finally, neither study found evidence of separate
perceptual systems in multilingual speakers, in line
with [22]. Only group B in Study 2 was found to
make a distinction in their perception of the two
languages, with a higher boundary for Mandarin
than for English. However, the difference was
numerically small. Thus learners appeared to
categorize stimuli similarly in all languages, with a
boundary that was closer to that of the ambient
language (Spanish in Spain, English in UK) in Study
1 or to intermediate English-like values in Study 2.
In conclusion, the results of the current studies
provide some evidence of bidirectional influence
between the native and later learnt languages in
perception, in line with some previous studies on
VOT production. The study also stresses the
importance of the setting, as influence on the L1 was
found with speakers living in the L2/L3 setting. Still,
the limited number of participants and the absence
comparable groups in different language settings are
obvious limitations of the current paper. Further
studies should involve parallel populations such as
L1 English L2 Spanish speakers in Spanish and in
English-speaking settings, and L1 Mandarin
speakers in an English-speaking setting.

To compare the perceptual boundaries obtained
by each group in each identification test a series of
one-way ANOVA and Tukey HSD post-hoc
analyses were conducted. The general effect of
group within each language was significant in the
perception of stops in Mandarin (F(2,21) = 4.48, p <
.05) and Spanish (F(1,10) = 22.04, p < .01), but not
in English (F(2,19) = 1.81, p > .05). Thus, the L3
Spanish speakers differed from monolingual Spanish
speakers in their perception of Spanish, but neither
group B nor T differed from English monolinguals.
Regarding Mandarin, pairwise tests showed that
Group B (F(1,12) = 5.49, p < .05) and T (F(1,12) =
5.45, p < .05) differed significantly from the
Mandarin monolinguals, and no difference was
found between B and T (F(1,18) = 0.54, p > .05).
Regarding within group comparisons, for both
groups of learners, Mandarin had the latest
boundary, followed by English, and Spanish had the
earliest boundary. However, an effect of language
was found only for Group B (F(1,18) = 5.68, p <
.05), but not for Group T (F(2, 27) = 2.58, p > .05)
showing that the bilinguals had a different boundary
for each language, while the trilinguals appeared to
have the same boundary for all three, although
numerical differences were small in all cases.
In summary, the results of Study 2 show both an
influence of the L1 (or L2) on the additional
language, but also provide evidence of regressive
CLI as L2/L3 learners differed from native
Mandarin speakers in their perception of Mandarin
stops.
4. DISCUSSION AND CONCLUSIONS
This paper set out to examine the effects of
experience and learning setting on the perception of
VOT in L1, L2 and L3. Study 1 found a positive
effect of L2 experience and setting on L2 perception,
as the inexperienced Spanish learners of English in
their home country, but not the Spanish speakers
living in the UK, differed from the native English
speakers. In addition, L2 learning also seemed to
affect L1 perception, since the experienced Spanish
learners of English had a later (more English-like)
perceptual boundary than the Spanish monolinguals,
in line with previous results involving production
[11]. Still, neither bilingual group appeared to
perceive L1 and L2 stops differently, showing that
learners were still processing VOT perception
similarly in both languages.
Study 2 compared a group of L1 Mandarin L2
English speakers to a similar group who also spoke
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demonstrated in how new (non-native) contrasts are
acquired. For example, Spanish learners of Scottish
English focus more on the spectral differences
between English /iː/ and /ɪ/ than Spanish learners of
Southern British English who favour duration as a
cue. This is in line with how the contrast is realised in
the two varieties: in Scottish English vowel duration
does not reliably distinguish the vowels, whereas it
does so in Southern British English [3].
Although speakers of a language use the same
phonemic categories, e.g., to make lexical
distinctions, the phonetic realisations of these varies
across speakers. Generally, listeners are well able to
adapt to unfamiliar speakers of a familiar accent,
including when differences are large, such as between
genders [7]. During native language (L1) acquisition,
individuals learn to permit a degree of phonetic
variation whilst at the same time preserving phonemic
identity [8]. However, adaption may sometimes be
difficult when realisations of phonemic categories are
substantially different due to an unfamiliar accent [7].
Little is currently known about the kinds of
difficulties L2 learners may face in this context.
The present study investigated how monolinguals
and near-native L2 listeners of Australian English
(AusE) handle accent-related phonetic variation in
detecting phonemic differences. To test this, we used
novel words without lexical meaning in AusE, as our
goal was to examine phonological processing without
confounds of lexical clues. Pairs of novel words
containing identical consonant frames but contrasting
vowel categories were presented to listeners in order
to exemplify phonemic differences in AusE. As a way
of introducing accent-related phonetic variation, the
novel word pairs contained stimuli spoken in a
familiar accent (AusE) as well as in an unfamiliar
English accent (Yorkshire accent).
We were interested in whether monolinguals show
a greater capacity than L2 listeners to detect when
phonetic variation is accent-related versus when it
signals a phonemic difference. We expected that
highly proficient L2 listeners would be able to detect
phonemic differences, but less able to detect accentrelated differences – unless they had developed L2
phonemic categories which are flexible enough to
permit naturally occurring phonetic variation in the
L2. Hence, we tested near-native L2 listeners and
compared their performance to monolinguals.

ABSTRACT
Second-language (L2) speech perception research has
largely focused on learning to detect phonetic
variation which contributes to phonemic differences.
However, phonetic variation may emerge for other
reasons, e.g., different speakers. In native language
acquisition, speech perception is flexible enough to
permit speaker-related phonetic variation while at the
same time preserving phonemic identity. In L2
speech learning, it remains unclear how speakerrelated phonetic variation is learned or processed. To
test how monolinguals and L2 learners handle
speaker-related phonetic variation in detecting
phonemic differences, the present study investigated
the discrimination of novel words spoken in a familiar
and unfamiliar accent. Compared to monolinguals,
near-native L2 learners made slightly more errors
overall and were quicker to attribute large phonetic
differences to phonemic differences rather than
speaker-related differences. This highlights the
challenging task of learning naturally permissible
variation in L2 phonemic categories.
Keywords: phonetic variation, phonemic contrasts,
second-language learning, accents
1. INTRODUCTION
Research on second-language (L2) learning has
tended to focus on phonetic learning in the context of
distinguish phonemic contrasts in the L2 [5].
Understandably, this is an important goal for L2
learners, who strive to understand speakers of the L2
as well as be understood themselves. However, not all
phonetic variation contributes directly to phonemic
differences and it may arise for many other reasons,
e.g., speakers of different regional accents.
L2 learners are indeed sensitive to speaker-related
phonetic variation in the L2, at least as far as learning
phonemic differences is concerned. Previous research
has shown that L2 learners exhibit different learning
trajectories depending on the L2 variety which they
are exposed to. For example, very early on in the
learning process, learners display different perceptual
assimilation patterns, which are known to be
predictive of the kinds of difficulties faced in later
phonological learning [4]. Different learning
strategies developed by L2 learners have been
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categories. The stimuli from the present study were
then tested on this model, which yielded predicted
probabilities of each stimulus vowel falling into the
AusE phonemic category originally intended by the
speaker. Subsequently, for every unique stimulus
pair, the difference between the two stimulus vowels’
predicted probabilities was calculated (Phonemic
Distinctiveness Difference, PDD). A PDD score of 0
(minimum possible, Min) indicates that both vowels
in a stimulus pair are equally close to their respective
AusE phonemic category centroids in acoustic
parameter space. A PDD score of 1 (maximum
possible, Max) indicates that the vowel in one
stimulus is identical to its AusE phonemic category
centroid, while the vowel in the other does not match
its phonemic category centroid at all. It is expected
that detecting phonemic sameness and difference in
stimulus pairs displaying higher PDD scores will be
more difficult, as listeners will need to decide how to
handle the phonemically more ambiguous vowel –
does it relate to a phonemic difference or an accentrelated difference?

2. METHOD
2.1. Listeners

20 AusE monolinguals and 9 L2 listeners participated
and were aged 17-27. L2 listeners reported their
proficiency to be near-native in the target variety of
English and self-reported speaking a diverse range of
other languages including Afrikaans, Arabic,
Bulgarian, French, Korean and Spanish. This second
group may be described as bilinguals under some
definitions (for discussion, see [1]); for consistency,
this group is referred to as L2 listeners to distinguish
them from the group of monolingual listeners.
2.2. Stimuli

The stimuli were 14 novel /CVC/ words (which are
non-existent in AusE) with the following format:
 /bVp/: GOAT, MOUTH, PALM, PRICE, THOUGHT;
 /dVk/: FACE, FLEECE, GOOSE, NURSE;
 /fVf/: FOOT, KIT, LOT, STRUT, TRAP;
where /V/ is one of the English vowels listed to the
right of the colon. Each novel word was produced by
two female AusE and two female Yorkshire speakers.

3. RESULTS
Trials with RTs < 50 ms or > 3,000 ms were removed
(4.78% of all trials). Remaining trials were submitted
to a mixed-effects bivariate generalised linear
regression on the two dependent variables of RT and
Accuracy in the program R [9] using the MCMCglmm
package [6], which fits generalised linear regression
models for Bayesian statistics. RTs were logtransformed and modelled with a normal distribution,
while Accuracy (correct versus incorrect) was
modelled with a binomial distribution. Priors were
specified for residuals and random effects with the
inverse-Wishart distribution with degree of belief
parameters set to the lowest bounds. A MCMC chain
moved through parameter space sampling the
posterior distribution (for further details, see [6]); the
first 20,000 were discarded and the next 100,000 were
thinned, leaving 1000 samples. The model’s fixed
effects (and interactions) were PT, AO, PDD and
Language Background (LB). All were centred on 0 so
that the intercepts for RT and Accuracy represented
means across the fixed effects which can be
interpreted as main effects. For example, the two LB
levels were coded as –0.5 for monolinguals and 0.5
for L2 listeners. Thus, the mean log RT or Accuracy
of both groups is when LB is equal to 0 and the
difference between groups is when LB is equal to 1.
Random intercepts were included for listener, unique
stimulus pair and trial number and by-listener slopes
were included for effects and interactions repeated
across listeners. The remainder of this section reports
on the above fitted model.

2.3. Procedure

Listeners were told they were going to hear new
words spoken by different speakers and on each trial
were asked whether the two speakers were saying the
same or different words by pressing corresponding
keyboard keys as quickly as possible. Every trial
consisted of a pair of novel words being played – one
in an AusE accent and one in the unfamiliar Yorkshire
accent – with one second of silence separating the two
presentations. Before the task started, listeners
completed a familiarisation round and breaks were
given during the task itself.
The novel word pairs were assembled as follows.
Each novel word was paired with itself and all other
words of the same consonantal frame, producing 40
novel word pairs (15 /bVp/ pairs, 10 /dVk/ pairs and
15 /fVf/ pairs). The 40 pairs belonged to two Pair
Types (PT): 26 Different Pairs (DPs) and 14 Same
Pairs (SPs). Within all pairs, one word was spoken by
an AusE speaker and one by a Yorkshire speaker. The
order of presentation of the speakers (Accent Order,
AO) was counterbalanced across pairs, yielding 320
trials (i.e., 40 word pairs [26 DPs + 14 SPs] × 4 AusEYorkshire speaker combinations × 2 speaker orders).
A discriminant analysis was trained on log
duration as well as F1 and F2 values corresponding to
formant mean, slope and curvature from Elvin et al.’s
[2] corpus of AusE vowels. For each phonemic
category, a centroid in acoustic parameter space was
generated with maximum separation from other
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Table 1: Posterior means for the fixed effects (Est.)
with 95% credible intervals (C.I.) for Accuracy and
RT expressed in odds ratios and ms, respectively.
The direction of the differences represented by the
main effects are indicated in square brackets.
Significance is marked by * and indicates that C.I.s
do not cross 1 for Accuracy or zero for RT.

Fixed effect
Intercept
PT
[SP → DP]
AO
[Yor-Aus →
Aus-Yor]
PDD
[Min → Max]
LB
[Mono → L2]

Accuracy
Est.
C.I.
0.09;
0.13*
0.20
1.26;
1.95*
3.03

575*

0.71;
1.82

40*

1.15
4.60*
1.72

PT × AO

0.91

PT × PDD

0.30

AO × PDD

1.10

PT × LB

0.48*

AO × LB

1.39

PDD × LB

0.47*

PT × AO ×
PDD

0.83

PT × AO × LB

0.63

PT × PDD ×
LB
AO × PDD ×
LB
PT × AO ×
PDD × LB

2.97*
0.72
0.48

2.36;
8.94
0.88;
3.28
0.35;
2.26
0.09;
1.11
0.30;
4.27
0.33;
0.71
0.99;
1.97
0.28;
0.81
0.06;
13.38
0.30;
1.25
1.07;
9.07
0.26;
2.23
0.06;
3.67

Figure 1: Posterior means of significant main
effects and interactions for Accuracy. a) PT; b)
PDD; c) PT × LB; d) PDD × LB; e) PT × PDD ×
LB with monolinguals (left) and L2 listeners
(right). Error bars show 95% HPD intervals.

RT
Est.

60*

76*
1
16
–88*
–25
–63
–5
–6
76
59
–27
–1
339*

C.I.
494;
673
3;
142

11;
75
34;
134
–122;
247
–25;
77
–120;
–30
–75;
50
–129;
52
–40;
45
–54;
61
–47;
295
–25;
192
–108;
112
–97;
153
124;
565

Figure 2: Posterior means of significant main
effects and interactions for RT. a) PT; b) AO; c)
PDD; d) PT × PDD; e) PT × AO × PDD × LB with
monolinguals (upper) and L2 listeners (lower).
Error bars show 95% HPD intervals.

Table 1 displays the model’s fixed effects and
significant effects are plotted in Figure 1 (Accuracy)
and Figure 2 (RT). Turning first to Accuracy,
listeners made few errors. For the main effect of PT,
listeners made approximately twice as many errors on
DPs than on SPs. Listeners were more than four times
as likely to make an error when PDD was Max (= 1)
than when it was Min (= 0). The PT × LB interaction
(Figure 1, c) reveals that monolinguals made fewer
errors on SPs than on DPs compared to L2 listeners.
Similarly, the PDD × LB interaction (Figure 1, d)
shows that, for monolinguals, PDD at Min resulted in
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perceived as several phonemic categories. When the
second stimulus in a familiar accent is presented,
listeners may not be as strongly “primed” on a
specific category, leading to less perceived
incongruence between stimuli and a faster response.
Despite the near-native proficiency of the L2
listeners, there were some clear cases of difficulty.
They made more errors on SPs than monolinguals,
indicating that they found it harder to identify accentrelated differences in the realisations of the same
phonemic category. Likewise, L2 listeners made
more errors than monolinguals on SPs even when the
two speakers’ realisations of novel words were
equally close to their intended AusE phonemic
categories. Although listeners overall were faster to
recognise SPs when the first speaker had an
unfamiliar accent, L2 listeners showed the opposite
trend when PDD was highest. This suggests a
negative “priming” effect of the unfamiliar accent
when it is especially phonetically divergent from the
familiar accent’s phonemic categories. It is possible
that, upon hearing the first stimulus in the unfamiliar
accent, L2 listeners incorrectly associated the vowel
as an instance of another AusE phonemic category
(i.e., different from the one intended by the speaker),
which may have been due to inaccurate
representations of some L2 AusE vowels. Ultimately,
perceiving the first stimulus’ vowel unambiguously
(though erroneously) may have strengthened
apparent phonemic incongruence with the second
stimulus and increased processing time.
Finally, a larger and more controlled set of L2
listeners will elucidate these general findings by
considering more explicitly potential influences of
particular language backgrounds.

fewer errors than at Max compared to L2 listeners.
The PT × PDD × LB interaction (Figure 1, e)
indicates that monolinguals made fewer errors than
L2 listeners, but that the between-group differences
varied across different PT × PDD combinations.
Turning to RT, for PT, responses to DPs were
longer than to SPs. The main effect of AO indicates
listeners took longer to respond when the first speaker
was an AusE speaker. For PDD, listeners were slower
to respond when PDD was Max. The PT × PDD
interaction (Figure 2, d) shows that listeners were
quicker to respond to SPs when PDD was Min, but
were slower to respond when PDD was Max. Finally,
the PT × AO × PDD × LB interaction (Figure 2, e)
indicates that, aside from the effects or interactions
already described, L2 listeners were on average 105
ms slower to respond to SPs than to DPs when PDD
was Max and the first speaker was a Yorkshire
speaker.
Lastly, the present bivariate analysis estimated a
covariance matrix to control for simultaneous effects
on Accuracy and RT. This reveals a relatively modest
correlation at the level of trial, namely 0.19 (C.I.:
0.11; 0.27), suggesting that trials with a longer RT
were more likely to result in an error.
4. DISCUSSION
The present study assessed how monolinguals and
near-native L2 learners handle speaker-related
phonetic variation in detecting phonemic differences.
Listeners found it easier to correctly attribute
accent-related phonetic variation, as reflected in
lower error rates and faster RTs, for SPs compared to
DPs. As predicted, higher PDDs resulted in higher
error rates and slower RTs, which indicates listeners
found it more difficult to attribute accent-related
phonetic variation when one of the speaker’s
realisations was phonemically more ambiguous than
that of the other speaker. PDD also interacted with
PT, as listeners’ RTs for SPs increased when one of
the two speakers’ realisations was acoustically more
divergent from its intended AusE phonemic category.
Interestingly, there is a directional asymmetry in
the ordering of the speakers, as listeners were 40 ms
slower to respond when the first speaker on a trial was
an AusE speaker. This may be due to the familiar
accent rendering greater phonemic incongruence
between the two stimuli. When the first accent is
familiar, listeners may strongly perceive the vowel as
a single unambiguous phonemic category. Upon
hearing the second stimulus in an unfamiliar accent,
the phonemic “priming” of the first may therefore
reinforce incongruence between the two stimuli.
Conversely, when the first stimulus is in an unfamiliar
accent, its vowel may be ambiguous and weakly

5. CONCLUSION
The present study examined the detection of speakerrelated phonetic variation versus phonemic
differences by monolinguals and near-native L2
listeners. In line with our expectations, L2 listeners
performed largely as well as monolinguals at
detecting phonemic differences (DPs). On the other
hand, L2 listeners were less accurate than
monolinguals at recognising the same phonemic
category spoken across the familiar and unfamiliar
accents (SPs). This suggests L2 listeners’ phonemic
categories may not “stretch” in the same ways as
those of monolinguals to permit natural speaker- or
accent-related phonetic variation, which is often not a
focus of theoretical models of L2 learning (e.g., [5]).
Additionally, representations of L2 phonemic
categories may not always be entirely accurate, which
may lead to attributing speaker-related phonetic
differences to phonemic differences.
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ABSTRACT

Hereafter, we focus on this latter situation, where
the word-final CK# cluster is followed by a word
starting with a consonant (i.e. CK#C). Our study
aims at quantifying how these CK#C clusters are
actually produced using large speech corpora of
continuous speech. To resolve the SSP violation of
these cross-word 3-consonant sequences, speakers
may delete the word-final post-consonantal /K/ (eg.
quatre /katK/ [kat]) or insert a schwa (eg. quatre
/katK/ [katK@]) thus creating an additional syllable.
They might even delete /K/ while inserting a schwa
(eg. [kat@]).
A recent study [3] on casual French showed that
at least one of the segments in CL@# (L: liquids /l/
and /K/) was absent in 80.7% of the word tokens.
In their analyses [3], the researchers consider
schwa as being part of the reference/canonical
form (eg.
quatre /katK@/) and their study is
carried out on all CL@# occurrences with all
post-boundary/post-lexical contexts pooled (#C and
#V, eg. "quatre sacs" /katK@#sak/ (four bags) &
"quatre ans" /katK@#Ã/ (four years)).
In our study, schwa is not considered as part
of the reference/canonical pronunciation of the
CK# cluster (eg. quatre /katK/, see also [12]).
Rather, schwa insertion is considered as one of
the speaker’s strategies to resolve the violation of
the Sonority Sequencing Principle (SSP), especially
in a post-lexical consonantal context (/CK#C/, eg.
"quatre sacs" /katK#sak/ (four bags)).
Little is known about the distribution of
the different realizations of CK#C sequences in
continuous speech and, in particular, whether and
how these realizations vary across different speech
styles. Furthermore, in the challenging case where
schwa is not inserted ([C(K)#C]), we propose to
study whether the absence/presence of /K/ correlates
with the durations of its surrounding segments
which may be seen as indicative of local speech rate.

French CK#C sequences (eg.
quatre sacs
/katK#sak/, four bags) tend to violate the Sonority
Sequencing Principle. This study investigates the
realization of CK#C sequences in continuous speech
using large corpora: the formal journalistic speech
corpus ESTER, the conversational journalistic
speech corpus ETAPE and the casual speech corpus
NCCFr. Results show that the absence/presence of
/K/ is dependent on the absence/presence of schwa:
/K/ is almost never absent when schwa is inserted
(eg. [katK@#sak]). Different speech styles trigger
different strategies: the more formal the speech
style is, the more we observe schwa insertion and
the less we observe /K/ deletion (ESTER: 65%
schwa insertion, 15% /K/ deletion; NCCFr: 13%
schwa insertion, 69% /K/ deletion). Interestingly,
the absence/presence of /K/ tends to be related to
the durations of the surrounding consonants (Cs in
[C(K)#C]) while schwa is not inserted, namely the
absence of /K/ correlates with shorter duration.
Keywords:
French /K/

large corpora, continuous speech,
1. INTRODUCTION

The realization of consonant clusters is known to
be under the influence of the Sonority Sequencing
Principle (SSP) [5, 4, 6]. In French, CK# cluster
is one of the few clusters that violate the SSP in
the canonical form (eg. the cluster /tK/ in "quatre"
/katK/). In speech production, the CK# cluster can
be followed by a word starting with a consonant or a
vowel or by a pause. If the cluster is immediately
followed by a word starting with a vowel, the
SSP violation of the cluster no longer persists due
to cross-word resyllabification (eg. quatre enfants
/katK#ÃfÃ/ [ka.tKÃ.fÃ], four children). A study based
on French syllable structures [1] showed that less
than 20% of French word tokens start with a vowel.
In contrast, when the following word starts with a
consonant, the size of the consonant cluster grows
across the word boundary, which makes the SSP
violation problem even more challenging.

2. CORPORA AND ALIGNMENT
Three large corpora of journalistic and casual
French, were used for this study: ESTER [7],
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ETAPE [10] and NCCFr [14].
All selected
material is representative of "standard" French
(as spoken in France) with no marked regional
accent. The ESTER corpus [7] consists of 100h
of radio broadcast news shows in French (only
broadcast news from France are included). The
ETAPE corpus contains 42.5 hours of conversational
journalistic speech in French (13.5 hours of radio
data and 29 hours of TV data, including debates
and free conversations). The Nijmegen Corpus of
Casual French (NCCFr) is consist of 35 hours of
conversations between friends.
Both automatic and manual alignments, i.e.
segmentations and labellings, were used for this
study.
Automatic alignment is available for
all three corpora (ESTER, ETAPE and NCCFr)
and was carried out using the LIMSI speech
transcription system [9] in forced alignment mode.
Starting with manual orthographic transcriptions of
the speech files, forced alignment automatically
matches speech segments with optimal phonemic
transcriptions, given the system’s acoustic phone
models and pronunciation lexicon (which includes
variants with respect to presence/absence of
word-final /K/ and schwa). Thus, forced alignment
generates word and phone boundaries using the
available orthographic transcriptions and chooses
the most suitable pronunciation for each word of
the dictionary given the specific pronunciations
produced by the speakers. The manual alignment
was carried out by an experienced phonetician
who makes corrections/adjustments on the existing
automatic alignments.

Figure 1: The word "quatre" (/katK/, four) with
(a) and without (b) /K/ aligned by the LIMSI
speech transcription system.

into account to decide on the absence/presence of /K/
and schwa: periodicity and intensity of the speech
signal, as well as movements of the second formant
in the spectrogram. Manual alignment was produced
on a subset of the ESTER corpus (30h of speech).
Manual alignment was used for strategy and
duration analyses. Speech style was analyzed using
automatic alignment. Cohen’s kappa coefficient [8]
shows that manual and automatic alignments have
"almost perfect agreement" (kappa = 0.832) on /K/
realization and "substantial agreement" (kappa =
0.704) considering both the absence/presence of /K/
and the absence/presence of schwa.
The absence/presence of /K/ and that of
schwa were determined by comparing the
aligned production of the speakers (i.e. surface
pronunciation) with the phonological transcription
of Lexique380 [12], which is considered as the
reference (or full) pronunciation for the analyses
in this study. Doing so, aligned words can be
classified into four categories: Full+@, Full,
Full-K, Full-K+@ (see Table 1). The Full+@ and
the Full-K classes are supposed to collect most
of the examined items as they resolve the SSP
violation. The Full class will gather words that are
problematic with respect to SSP. The Full-K+@ is
expected to be almost empty, at least for the formal
speech styles, as this pronunciation engages two
strategies at the same time.

3. METHOD
This study examines the CK#C sequences (eg.
quatre sacs /katK#sak/, four bags), which provoke
potential SSP violation, using both manual and
automatic alignments on large corpora. Note that
obstruent + K clusters (CK#) are the only CK#
clusters allowed in French.
Optional /K/ and schwa were included as variants
in the system’s pronunciation dictionary in this
study. The absence/presence of /K/ or schwa was
thus automatically decided using forced alignment.
Given that the alignment system selects the best
matching variants, the aligned pronunciation tends
to reflect the actual pronunciation of the speaker.
Figure 1 illustrates spectrograms of two different
automatically aligned productions of the word
"quatre" (/katK/, four) with (Figure 1a) and without
(Figure 1b) /K/ aligned.
With regard to manual alignment, beyond
listening, the following acoustic features were taken

4. ANALYSES AND RESULTS
Hereafter, we analyze the realizations of CK#C
sequences, first on the manual alignments and then
on the three corpora using automatic alignments.
Generalized linear mixed models (GLMM) [11]
were carried out in R [13] (package lme4 [2]) for
the statistical analyses of this study.
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surrounding the /K/ position.
Figure 3 (left) illustrates the duration of the
preceding and the following consonants of potential
/K/ for CK#C sequences with and without /K/
realized, while schwa is not inserted.
Raw
duration measurements in millisecond are used in
this figure, giving us a general view of how the
segmental durations are distributed before any data
transformation. Results show that when /K/ is
absent, the durations of the surrounding consonants
tend to be shorter (as a more general observation,
one can also note that the left (coda) consonant tends
to be shorter than the right (onset) consonant).
Additional duration analyses were carried out
using normalized data (Figure 3 center and right)
The central part of Figure 3 shows the distribution
of normalized duration of the preceding consonant.
Results show that the absence of /K/ corresponds
to shorter durations of the preceding consonant.
Likewise, the right part of Figure 3 shows the
distribution of normalized duration of the following
consonant. As for the preceding consonant (central
figure), the absence of /K/ corresponds to shorter
durations of the following consonant.
The influence of the duration of the preceding
and that of the following consonant on the
absence/presence of /K/ were taken into
consideration in a GLMM model. We considered
the duration of the preceding consonant and the
duration of the following consonant as fixed effects.
A random intercept per speaker and one per word
were included as random terms in the model.
Results of the model suggest that the duration of the
preceding consonant has a significant effect on the
absence/presence of /K/ while schwa is not inserted
(log odds ratio = 0.6346, |Z| = 2.251, p < 0.05). The
effect of the duration of the following consonant is
also found in our data (log odds ratio = 0.6120, |Z|
= 3.304, p < 0.001).

Table 1: Comparison between the reference and
the potential surface pronunciations for the word
“quatre” (four) and the word “nombre" (number).
Ref.
Spelling pron.
quatre
(four)

katK

nombre
nÕbK
(number)

Surface
pron.

K

Schwa

Surface
class

katK@
katK
kat
kat@
nÕbK@
nÕbK
nÕb
nÕb@

present
present
absent
absent
present
present
absent
absent

present
absent
absent
present
present
absent
absent
present

Full+@
Full
Full-K
Full-K+@
Full+@
Full
Full-K
Full-K+@

4.1. Manual alignment on the ESTER corpus

In this section, we examine the observed
pronunciations using the manually checked
alignments and we question a potential link between
the duration of the surrounding consonantal
segments of /K/ and the absence/presence of /K/
(when schwa is not inserted).
4.1.1. Strategies for CK#C realization
Figure 2 presents different realization rates of the
CK# cluster while it is followed by a word starting
with a consonant using manual alignment on a
subset of the ESTER corpus. The most adopted
Figure 2: Realization rates of CK# followed by
#C on a subset of the formal journalistic corpus
ESTER using 4 classes: Full+@, Full, Full-K,
Full-K+@.

strategy (83%) is to add a schwa to the canonical
form (eg. /katK/ [katK@], four) in order to resolve
the SSP violation. The second most popular (14%)
strategy observed is word-final /K/ deletion (eg.
/katK/ [kat]). Interestingly, only 3% of the CK#
clusters are produced using the problematic form
"Full" (eg. /katK/ [katK]) followed by a word starting
with a consonant. Moreover, CK# clusters are almost
never pronounced using the form Full-K+@ (eg.
/katK/ [kat@]).

4.2. Automatic alignment on the three corpora:
strategy changes for CK# realization?

Hereafter, we analyze the influence of speech
style on the different realization strategies using
automatic alignment, as the agreement between
the automatic and the manual alignment is high
according to Cohen’s Kappa (see section 3). We
focus only on the two most interesting pronunciation
classes with respect to the SSP violation. These two
classes captured the highest rates in the previous
section using the manually checked alignments,
namely the Full+@ and the Full-K classes (eg. quatre
/katK/ with schwa insertion [katK@] and with /K/
deletion [kat]).

4.1.2. Duration of the surrounding consonants and
absence/presence of /K/
In what follows, we focus on the subset of CK#C
productions where no schwa is realized.
We
examine the segmental duration of the consonants
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Figure 3: Analyses of the duration of the surrounding consonants of /K/ while schwa is not inserted. Left: Box-plot
(raw data in ms). Center: Density plot of the duration of the consonant preceding /K/ (normalized in z-score).
Right: Density plot of the duration of the consonant following /K/ (normalized in z-score).

style and a by-word slope for the effect of speech
style. Post-hoc analyses based on the model were
performed for the fixed effect to obtain information
on each level of the fixed effect. Results show
that the probability of applying the schwa insertion
strategy decreases significantly both in ETAPE (log
odds ratio = -1.2960, |Z|= 10.129, p < 0.001), and in
NCCFr (log odds ratio = -3.6069, |Z|= 17.749, p <
0.001) with respect to that observed in ESTER. The
post-hoc test based on our model suggests that the
corpora, which stand for different speech styles, are
significantly different from each other concerning
strategies for resolving SSP violation (ESTER vs.
ETAPE: p < 0.001; ETAPE vs. NCCFr: p < 0.001;
ESTER vs. NCCFr: p < 0.001).

Figure 4: Realization of CK# in #C context for 3
speech styles. Full+@ corresponds to words with
final schwa, Full-K to those with /K/ deleted.

(a) ESTER: formal news

(b) ETAPE: broadcast conversations

(c) NCCFr: casual conversations

5. CONCLUSION

Figure 4 illustrates the realization of CK#C (schwa
insertion vs. /K/ deletion) according to different
speech styles.
Schwa insertion tends to be
the preferred strategy for speakers in the formal
journalistic corpus ESTER (65% schwa insertion
vs. 15% /K/ deletion) whereas /K/ deletion tends
to be the privileged strategy for speakers in the
casual speech corpus NCCFr (13% schwa insertion
vs. 69% /K/ deletion). Schwa insertion is 7% ahead
of /K/ deletion for the conversational journalistic
corpus ETAPE. Results show that speech style has
a strong impact on the realization of CK#. The less
formal the speech style is, the less we observe schwa
insertion and the more we observe /K/ deletion.
The influence of speech style on the strategies
between schwa insertion (eg. quatre /katK/ [katK@])
and /K/ deletion (eg. quatre /katK/ [kat]) was also
tested using GLMM. The fixed factor considered
was speech style (ETAPE, ESTER or NCCFr,
reference: ESTER) and sex (male or female,
reference: female) was considered as covariate.
The following random terms were included in the
model: a random intercept per speaker and one per
word, a by-speaker slope for the effect of speech

Our study on CK#C sequences allows us to better
understand the production of word-final /CK#/
followed by #C in continuous speech, thanks to
large corpora. Results on CK#C realization show
that speakers may apply different strategies to avoid
the violation of the Sonority Sequencing Principle
(SSP). According to the manual alignment on the
formal journalistic speech ESTER, the preferred
strategies are mostly schwa insertion followed
by /K/ deletion. Duration analyses show that
the absence/presence of /K/ is also linked to the
durations of the preceding and following consonants
of the word-final /K/ position. This result suggests
a potential impact of local speech rate. We found
interesting tendencies on different speech styles:
the less formal the speech style is, the less we
observe schwa insertion and the more we observe
/K/ deletion.
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ABSTRACT

Previous work examining the phenomenon of
heavy NP shift and the frequency asymmetry seen in
(1) have largely been focused on the syntactic
domain [7],[8],[11] in their efforts to explain when a
phrasal verb object NP will be joined (as in 1a) or
split (as in 1b, also referred to as an intervening
object NP). In particular [7] and [11] investigated
heavy NP shift using a number of corpora of
primarily written English, and came to the
conclusion that the word count of the object NP is
the primary conditioning factor for the phenomenon.
This idea was further formalized in [7],[8] which
proposed the theory of domain minimisation to
explain frequency asymmetry.
The theory of domain minimisation broadly
states that the human processor prefers to minimize
the size of the distance between related elements in a
syntactic domain [7]:31, and argues that a structure
like 1a, where the brain only has to process 3
immediate constituents to understand the phrase
structure is much more efficient (and therefore
preferred) than 1b, where 10 constituents must be
processed. [7] also makes the argument that wordcounting is the best methodology to use to predict
whether a phrasal verb object NP can be an
intervener.
While there is ample evidence in corpora of
written English for the theories espoused in [7],
there are some potential issues in spoken language.
The most immediately apparent is that if speakers
are concerned with the size of a syntactic domain,
simply counting words may not be able to accurately
capture the domain’s length. It is perfectly possible
for a single word to be longer than a group of three
(e.g. ‘a red book’ versus ‘accommodation’), and
these words can be spoken at highly variable
articulation rates by different speakers in different
conditions.
In order to address this potential issue with
existing investigations of heavy NP shift, this study
makes use of data from the spoken portion of the
British National Corpus [14] to determine whether
prosody (particularly various aspects of articulation
rate) plays a significant role in the intervener/nonintervener category split, and whether prosodic
variables or word count are superior in predicting
the category split. The hypothesis that this study will
test is that there will be significant differences in the

This paper describes a corpus-based study which
investigates the connection between articulation rate
and the phenomenon of heavy NP shift (i.e. pick the
book up versus pick up the book), particularly as it
relates to Hawkins’ [7] theory of syntactic domain
minimisation. Using data from the spoken BNC, we
analyzed and compared the articulation rates of
phrasal verb structures with and without intervening
object NPs (e.g. pick the book up) as well as
analyzing segment counts to determine which is
more highly predictive of the intervener/nonintervener contrast.
We found both that speakers were using a
‘squeezing’ strategy to minimise the domains of
phrasal verbs as the object NPs increased in length,
and also that segment count did not serve as a useful
predictor of the intervener/non-intervener contrast.
Keywords: Prosody, phrasal verbs, heavy NP shift,
domain minimisation.
1. INTRODUCTION
Consider (1) from [16]:7:
(1)

Frequency asymmetry:
Frequently observed:
(a) Pat picked up a very large mint-green
hard cover book.
Hardly observed:
(b) Pat picked a very large mint-green
hard cover book up.

The asymmetry observed in (1) is due to so-called
Heavy NP (Noun Phrase) Shift accompanying a
phrasal verb, a common syntactic structure in
English wherein a verb is semantically paired with a
particle [5],[15]. This phenomenon was observed
first in [13] but this sort of weight-sensitive
phenomenon has been observed since [3]. Though
both sentences are grammatical, native speakers
strongly prefer to locate ‘heavy’ NPs at the end of
the sentence so that the verb and its accompanying
particle may come together, as in (1a).
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prosody of intervening versus non-intervening object
NPs, and that prosody will be significantly more
useful in predicting the category split than word
count in spoken English.

experimental tokens are each recordings of spoken
British English, containing a phrasal verb along with
an object (either intervening or non-intervening) of
1-7 words, or 1-8 syllables.
Because the alignment of the BNC is not
completely accurate, the chosen tokens were
manually re-aligned, and their (canonical lexical)
syllables manually counted in order to obtain
accurate durational and articulation rate data. The
method of syllable counting does leave something to
be desired as no distinction is made between heavy
and light syllables, but unfortunately segment-count
meta data is not available for the BNC, and so a
basic syllable count was the lowest level judged to
be feasible. Pauses were included in the articulation
rate data. The actual raw numbers were gathered
using automated scripts based on Praat [4] text grids.

2. THE BNC STUDY
2.1. Data collection

Audio data for the study was obtained from the
BNC, a large-scale corpus of written and spoken
British English containing approximately 100
million words. The spoken portion of the BNC,
which was the focus of this study, has been
annotated and force-aligned using the Penn forced
aligner, allowing for relatively straightforward
browsing of the data. For the purposes of this
project, the Lancaster BNCweb front-end was used
to search the corpus.
Data was taken for 10 phrasal verbs in the
corpus, in both their present and past tense forms
where they differed. In choosing the phrasal verbs to
analyse, firstly, their lemma frequency was
considered; only phrasal verbs with a lemma
frequency of greater than 100 parts-per-million were
used [9], as lemma frequency has previously been
found to have an effect on duration [6]. Only phrasal
verbs made up of single-syllable words were chosen
(i.e. put up is acceptable, but frighten away is not),
and an effort was made to vary the preposition of the
phrasal verb in order to minimise confounds related
to examining an overly homogeneous set. Finally, in
order to facilitate meaningful comparisons between
the intervener and non-intervener categories, only
phrasal verbs where the object NP could potentially
appear as either were selected. The list of phrasal
verbs examined in found in (2).

2.2. Statistical methods

The data in this study was analysed using two
statistical tools. Firstly, data was analyzed using
mixed effects regression models [2] in R [12], in
order to allow us to include the random factor of the
phrasal verb itself in the analysis as we have no
particular hypothesis relating to the frequency of
interveners versus non-interveners between the
different phrasal verbs. Secondly, in order to test the
relative usefulness of prosody versus segment
counting to the intervener/non-intervener category
distinction, a random forest analysis [10] (which
allows for the evaluation of the predictive usefulness
of each variable) was used.
2.3. Data overview and analysis

The variables examined in this study were the
articulation rate (in both words/second and syllables/
second) of both the object NPs and the full phrasal
verb structures, the durations (in ms) of the object
NPs and the full structures, and the segment counts
in both words and syllables of the object NPs.
Before comparing intervening and non-intervening
objects using mixed models, there are a few points
of interest regarding the data as a whole. Figure 1
shows the relationship between articulation rate and
the syllable count of the object NP.
It is visually apparent from Figure 1 that speakers
increase their articulation rate in a somewhat
logarithmic fashion as syllable count increases. This
pattern is present in both interveners and noninterveners, although the pattern is more pronounced
and less stable in non-interveners. A modelling
analysis as in (3) shows that this connection between
syllable count and articulation rate is significant for
both groups.

(2) (a) bring/brought up
(b) cut down
(c) fill/filled up
(d) give/gave back
(e) give/gave out
(f) pick/picked up
(g) put out
(h) take/took off
(i) take/took out
(j) turn/turned off
Only examples of phrasal verb structures where
the object of the phrasal verb could potentially occur
as either an intervener or non-intervener were
selected. This meant that many single-word objects
which would never occur as a non-intervener (i.e.
pick it up) were excluded from the analysis. This
resulted in 337 examples of interveners and 230
examples of non-interveners to be analysed. The
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between the two categories. Most notably articulation
rate was significantly higher in intervening objects
than in non-interveners, which was potentially
confounding the result showing duration as
significantly shorter in intervening objects. The only
variable tested that was not significantly different
between the two categories was word count, which
was somewhat surprising given previous results [11].
Results of all models are shown in Table 1.

(3) Model Structure
Articulation Rate ~ Syllable Count +
(1+Syllable Count|Phrasal Verb)
Intervener Model Results
Estimate: 0.32± 0.08, Χ2(1) = 11.45, p < 0.001
Non-Intervener Model Results
Estimate: 0.14± 0.06, Χ2(1) = 5.43, p < 0.05
This significant relationship could provide some
evidence for the strategies underlying heavy NP
shift, in that it appears that speakers are making an
effort to ‘squeeze’ longer object NPs in order to
shrink the domain of the phrasal verb. This
observation can also be seen in another form when
examining the ratio of the articulation rate of object
NPs to the articulation rate of the full phrasal verb
object, as shown in Figure 2.

Table 1: Results of all mixed models comparing
the category of intervener and non-intervener NPs.

Model Description
Variable
Full Rate (s/sec)

Figure 1: Articulation rate (s/second) by number
of syllables for both interveners and noninterveners.

Estimate Std. Error
0.59

±0.13

Results
2

t-value Χ (1) p(>Χ2)
4.67 14.72 <0.001

Obj. Rate (w/sec)

1.57

±0.17

9.19 38.79 <0.001

Full Rate (w/sec)

0.83

±0.12

7.15 28.12 <0.001

Obj. Rate (w/sec)

1.54

±0.14

11.13 37.14 <0.001

Full Duration (ms)

-310.49

±47.76

-6.5 20.19 <0.001

Obj. Duration (ms)

-359.95

±41.93

-8.58 25.03 <0.001

Rate Ratio (s/sec)

-0.15

±0.02

-8.4 26.46 <0.001

Rate Ratio (w/sec)

-0.19

±0.02

-10.52 33.31 <0.001

Words

-0.14

±0.07

-1.43

Syllables

-0.72

±0.14

-5.15 11.37 <0.001

2.04

0.15

2.4. Random forest analysis

In addition to the mixed modelling analysis, a
random forest analysis was conducted to measure
the predictive usefulness of the prosodic and
segment-count variables. The random forest was
trained on a random sample comprised of 75% of the
full data set, and it was tested on the remaining 25%.
Figure 3 shows a plot of the predictive importance of
each variable (expressed as the decrease in accuracy
if the variable is removed from the model), which
was calculated as the model was built.

Figure 2: Ratio of articulation rate in object NPs
to the articulation rate of the full phrasal verb
object. The dotted line represents the point where
the two rates are equal.

Figure 3: Predictive importance of each variable
in the random forest.

Based on Figure 2, it appears that as object NPs get
longer, speakers make an effort to articulate the object
NPs faster than the related phrasal verb. This pattern is
notably stronger in intervening objects, and so the
variable of articulation rate ratio was also included in
the modelling analysis.
The modelling analysis, which compared variables
of interest in the categories of phrasal verbs with
interveners and those with non-interveners, showed
that every prosodic variable was significantly different

Figure 3 shows that articulation rate ratio is the
most predictively useful variable, followed by
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articulation rate in various forms. The durations are
comparatively less useful, while word and syllable
count are of very minimal use. This is borne out by
the predictive results of the random forest: the model
using all of the variables is able to correctly classify
object NPs as interveners or non-interveners with
~79.5% accuracy, and if word and syllable count are
removed from the model, accuracy decreases by less
than 1% to ~78.8%. Although this does not
invalidate the theory that counting words can allow
us to predict the likelihood of a phrasal verb object
being an intervener as word counting does have
some predictive value, it does strongly support the
hypothesis that prosody is much more predictively
useful.

more useful in predicting the category split than
segment count. Taken together, the statistical
analyses support the hypothesis that prosody is a
critical part of the phenomenon of heavy NP shift,
although it is most likely one of many combined
conditioning
factors
(including
syntactic
considerations such as word count) that go in to
determining whether an object NP will be an
intervener.
The fact that word count did not appear
statistically significant to the category distinction
was somewhat surprising, but can likely be
explained by the fact that most previous studies of
heavy NP shift relied primarily on written corpora of
English [11] and examined minimal spoken
language. There are numerous well-attested
differences in syntax and lemma selection between
read and spoken language [1] which likely serve to
explain the discrepancy between the current study
and previous work.

3. DISCUSSION
To review, this study tested the hypotheses that
prosody plays a significant role in the contrast
between the categories of intervening and nonintervening phrasal verb object NPs, and that
prosodic variables would be more predictively
useful than segment counting in distinguishing the
two categories. These hypotheses were largely
supported by the data, going against previous results
[7],[11] which suggested that word-counting was a
robust method for predicting heavy NP shift.
The first finding of interest is – as shown in
Figure 1 – that speakers appear to be making an
effort to shorten the duration of the syntactic domain
of the phrasal verb by increasing their articulation
rate as the object NP gets longer, and this pattern is
particularly prevalent in cases of intervening objects
(which are theorized in [7] to be more difficult to
process as the size of the domain increases). This, in
addition to the fact that speakers are increasing the
rate of intervening object NPs to be greater than that
of the rest of the phrasal verb object, can be taken as
evidence for the theory of domain minimisation as it
relates to heavy NP shift. It does appear that
speakers are attempting to ‘squeeze’ more words
into a limited syntactic domain as the object NP gets
longer. This result does, however, suggest that there
are issues for the word-counting method for
analyzing heavy NP shift, as it is possible for
speakers to use prosody to override potential
limitations on the word counts of intervening
objects.
This observation that prosody is important to the
intervener/non-intervener category split was borne
out by statistical analyses, which showed all tested
prosodic variables as significantly different between
the two categories, while differences in word count
were not significant. Furthermore, a random forest
analysis showed that prosodic variables were much

4. CONCLUSION
Overall, the results of this study do in principle
support Hawkins’ [7] theory of domain
minimisation as it relates to issues of locality in
English phrasal verbs, while also demonstrating that
prosody is a critical component to the same issues in
spoken language. More generally, this study has
shown that there are areas of potential overlap
between syntax and phonetics, particularly when
considering weight-sensitive phenomena such as
heavy NP shift.
Although it is difficult to posit a direct causal
relationship between prosody and heavy NP shift
based on the evidence in this study, it is apparent
that prosody should be considered in addition to
purely syntactic criteria when researching
phenomena that could in some way overlap with
phonetics. Furthermore, it appears that the
development of theories relating to weight-sensitive
phenomena more generally should at minimum test
for a significant relationship between the
phenomenon of interest and potentially relevant
prosodic variables.
Moving forward, future research could test for
the salience of prosody to weight sensitive
phenomenon more generally in both English, and
other languages where such phenomena exist. A
somewhat more controlled production study could
also serve to test the relevance of prosodic factors
such as f0 or formants which could not be
investigated in this study due to the sometimes poor
quality of the BNC audio recordings.
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This paper focuses on the potential of the Sound
Comparisons data-set, from its wide range of
linguistic contexts, to support research in phonetics,
that can also be applied to other fields (comparative/
historical linguistics, dialectology, sociolinguistics).
To make the most of this potential, Sound
Comparisons is founded equally on a powerful
online interface to explore its data-set. This offers
the functionality needed to turn Sound Comparisons
into a resource and research tool for phoneticians. It
includes powerful functions to search and filter the
phonetic diversity represented in the database, to
customise the selection and display of data, and to
download and cite any such targeted selections (§6).
Having presented the database, its coverage and
functionality, this paper closes with brief
illustrations of some sample research applications.

ABSTRACT
Sound Comparisons hosts over 90,000 individual
word recordings and 50,000 narrow phonetic
transcriptions from 600 language varieties from
eleven language families around the world. This
resource is designed to serve researchers in
phonetics,
phonology
and
related
fields.
Transcriptions
follow
new
initiatives
for
standardisation in usage of the IPA and Unicode. At
soundcomparisons.com, users can explore the
transcription datasets by phonetically-informed
search and filtering, customise selections of
languages and words, download any targeted data
subset (sound files and transcriptions) and cite it
through a custom URL. We present sample research
applications based on our extensive coverage of
regional and sociolinguistic variation within major
languages, and also of endangered languages, for
which Sound Comparisons provides a rapid first
documentation of their diversity in phonetics. The
multilingual interface and user-friendly, ‘hover-tohear’ maps likewise constitute an outreach tool,
where speakers can instantaneously hear and
compare the phonetic diversity and relationships of
their native languages.

2. DATABASE STRUCTURE AND
COVERAGE
The Sound Comparisons data-set is structured as a
series of ‘studies’ (currently ten), by language
family and/or by region. As a framework for the
collection, storage and exploration of data on
phonetic diversity, Sound Comparisons can in
principle host data on any language family or region
worldwide. Actual coverage so far is a function of
the specialisms and research objectives of the main
researchers involved, and the availability of time and
funding for fieldwork to make the recordings.
 In Europe (6 studies): four on Romance,
Germanic, Balto-Slavic and Celtic (and parts of
their dialectal diaspora worldwide); a Europe
study on their overlap in deep Indo-European
cognates; and a highly focused study on
dialectal variation within English.
 In South America (3): on the Central Andes
(the Quechua, Aymara and Uru families); on
Mapudungun in Patagonia; and a pilot study on
the indigenous languages of Brazil.
 Vanuatu (1): covering 40+ languages and 80
dialectal variants on the linguistically hyperdiverse island of Malakula, and its neighbours.
Studies also include, where known, assumed and
reconstructed transcriptions for earlier historical
stages of the modern languages recorded, such as
Shakespearean English, Old High German, Classical

Keywords: database, endangered languages, sound
change, comparative/historical linguistics, diversity.
1. PURPOSE: A RESOURCE FOR PHONETIC
RESEARCH
Sound Comparisons is a major collaborative project
that since 2002 has collected over 90,000 individual
word recordings from 600 language varieties of
eleven language families around the world. Of these
recordings, over 50,000 are accompanied by the
corresponding narrow phonetic transcription,
conforming to the latest approaches to standardising
usage of IPA and Unicode (see §5 below), to ensure
their utility also for the growing use of
computational analyses in phonetics. The
fundamental phonetic objective entails a focus on
collecting wordforms that are cognate within each
language family covered, to ensure the most direct
and meaningful comparisons between different
realisations of the same original form.
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Examples of urgently targeted languages include
the Low German originally native to Pomerania, but
now spoken only by a last generation particularly in
Wisconsin, Iowa and Brazil (descendants of
emigrants in the 1850s). Similar motivations have
driven the Sound Comparisons coverage of Volga
German, Transylvanian ‘Saxon’ and Pennsylvania
‘Dutch’, Patagonian Welsh, the Scottish Gaelic of
Nova Scotia, Chabacano Spanish ‘creole’ in the
Philippines, both varieties of Sorbian, and so on.
The ten studies in Sound Comparisons fall into
two different types. Linguists might instinctively
assume that the words axis is based on a Swadeshtype reference list of basic comparison meanings
such as HEAD, LEG or DOG, for which Sound
Comparisons would collect the word used in each
language. But this actually applies only to the latest
two studies: the special case of Vanuatu, and the
pilot study on Brazil, which do work to modified
regional versions of the Swadesh 200-meaning list.
All other studies follow a different rationale,
however, in line with the fundamentally phonetic
and comparative motivation behind “sound
comparisons”. To that end, it is not meanings but
cognates that allow for the most valuable, direct and
meaningful comparisons of sounds between different
languages. Cognates constitute extensive sets of
phonetic realisations that may differ slightly or very
significantly, but which all correspond to each other
as reflexes of the same original underlying form.
Such cognate sets can span the diversity across the
dialects and languages of an entire language family,
as well as numerous varieties (geolectal and
sociolectal) of a single language.
This is why each family constitutes a separate
study, with its own list of cognates as its ‘word’
axis. The Germanic study, for instance, is based on
c. 100 cognates that have survived in (ideally) all
languages and dialects across that family. This is not
a list of meanings like HEAD, LEG or DOG, then, but
of sets of cognates in Germanic — which may have
those meanings in some languages, but not in all. So
English head is covered alongside its cognate Haupt
in standard German, rather than its meaning
equivalent Kopf. (Haupt now means ‘main’, but like
English head, it goes back to the same ProtoGermanic *xaubadan.) Similarly, Bein may mean
LEG in standard German, but is set alongside English
bone, its true cognate (from *bainan). In some
Upper German dialects, too, Bein means ‘bone’.
In the Romance family, though, no single cognate
survives well across the family for any of the Latin
source terms for HEAD, LEG or DOG. Necessarily, for
Romance the Sound Comparisons cognate list is
different, and based on Latin as the reference for
common origin and cognacy. The meanings in

Latin or Proto-Quechua. These are of particular use
for comparative and historical purposes (see §6).
3. DIVERSITY AND DOCUMENTATION
Much of the Sound Comparisons coverage thus far
has prioritised languages that are highly endangered,
indeed moribund. This reflects an urgent effort in
language documentation, of a new form that can be
considered ‘shallow but broad’. For although the
data collected for any one language variety are but a
limited word-list, those lists are devised to provide at
least a representative sample of the phonetics of that
variety. Moreover, they can be collected relatively
quickly, in the space of a few hours from a suitable
native-speaker informant. Before linguists can
document them in richer detail, many of the varieties
recorded will have vanished — some already have.
A further major objective of Sound Comparisons
is outreach, to return something to the informants’
speaker communities, including contributing to
efforts towards awareness, native-language literacy
and revitalisation. The explorer website is
specifically designed to be as user-friendly as
possible to the general public, not least speakers of
the languages themselves. It includes a multilingual
user-interface, so that the languages of Vanuatu can
be explored through the entire website in a Bislamalanguage version (the English-based creole that is
the lingua franca of Vanuatu).
For researchers in phonetics, Sound Comparisons
thus constitutes a mass of detailed phonetic data on
hundreds of languages and dialects that are
otherwise very little documented, and for which few
or no other recordings and resources are easily
available — let alone in a form immediately and
directly comparable with cognate forms in scores of
other related language varieties.
4. DATA SELECTION CRITERIA
Within each study, the data are structured on two
axes: language varieties, and words. (Both can be
searched and customised, independently: see §6.)
‘Language’ refers to any lect: e.g. 49 modern and 10
historical varieties of English, 37 of Mapudungun.
Sampling of language varieties has been
determined by two main criteria: to be representative
of linguistic and dialectal diversity, and urgency in
the face of the imminent extinction that hangs over
much of that diversity. The complex balance
between these criteria often overrides the default of
sampling evenly through geographical space. Fuller
explanations of the sampling policies followed is
given in [1], and a series of subsequent publications
in preparation on each individual study.
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which cognates happen to survive widely vary
significantly from one family to the next. The
Europe ‘overlap’ study has just twenty deep IndoEuropean cognates across the four European studies.
As for how many and which cognates are
covered in each study, even within an individual
branch like Germanic, Romance or Celtic, diversity
is enough to make it a challenge even to find many
more than 100 or so cognates that survive (and can
still be straightforwardly elicited) in all of the
dialectal variation within each branch. Details on
this, and on other criteria to ensure that the list
makes for as balanced as possible a sample of the
phonetics of each language family, are given in [1].

6. WEBSITE RESEARCH FUNCTIONALITY:
SEARCH, FILTER, DOWNLOAD, CITE
The two axes of the database, languages and words,
also structure the explorer website. The main central
panel is flanked by a language selector panel on the
left, and a word selector panel to the right. The data
thus selected appear in the main central panel, in
map or table views, showing: the pronunciations of a
single selected word in all languages; of all words in
a single language; or of any selected combination of
words and languages. The corresponding sound files
are played and compared instantaneously by
touching, clicking or just hovering the cursor over
any transcription or play icon.
Among many search and filter options, most
useful for phonetic research are two entry boxes in
the word selector column: to filter/search by either
the orthography or the phonetic transcriptions of any
language variety in that study. So a user can set the
spellings filter language to English, and type f to
return all words that contain the <f> grapheme in
their English spelling; or set the transcriptions filter
language to Doric Scots, and type f to return all
words that contain IPA [f] in their transcriptions in
Doric Scots. All cognate reflexes in other languages
can then be shown by just clicking an icon to reset
the main display table to this newly filtered set of
words (in the multi-language table views).
Both filter boxes allow full ‘regular expressions’
syntax. So typing ^f or f$, for instance, returns all
words that begin or end with f, respectively. The
transcription filter box has pop-up IPA charts so that
the user can enter any IPA character or diacritic
directly, without needing complex key combinations. It also recognises phonological shorthand
characters in upper case: i.e. V for any vowel, N for
any nasal, and so on. Entering VːN$, for example,
returns all words that end in a long vowel followed
by a nasal. It is possible to filter for any Unicode
character, even if only a modifier or diacritic, to find
all instances, irrespective of the main symbol it
appears with. So typing only ʷ returns all words with
any labialised segment. With the search language set
to an earlier, ancestral language, the user can filter to
a given sound in that language, and then
immediately create a side-by-side table to compare
all of that (proto-)sound’s reflexes across all
descendant varieties, e.g. all modern Romance
reflexes of Classical Latin /kʷ/ or written <qu>, or
all modern reflexes of Early Modern English <r>.
For any combination of languages and words
customised using these search and filter operations,
clicking on the link icon gives a durable shortcut
URL so that the user can also cite that specific
combination of data. Clicking on the download icons

5. TRANSCRIPTION POLICIES AND
NORMALISATION TO CLTS
For any database of phonetic transcriptions, key
concerns are consistency and standardisation. All
Sound Comparisons transcriptions follow IPA usage,
in Unicode. Even so, in practice those still leave
much scope for inconsistency. The need for data to
be consistent, standardised and unambiguous is
particularly acute for the growing trend towards
analysing
phonetic
transcription
data
by
computational methods.
Sound Comparisons seeks to limit transcription
inconsistencies through specific conventions and
guidelines for its transcribers, and by ensuring that
wherever possible, all transcriptions within each
family, or at least major sub-branch, are by the same
phonetician. Transcriptions are generally narrowest,
though, for English, Mapudungun, Romance and
Balto-Slavic; and broader for Germanic, the Andean
families, and particularly Vanuatu.
All Sound Comparisons transcriptions have also
been run through computer-assisted correction and
normalisation. The Cross-Linguistic Transcription
System (CLTS, see [2]) provides software that can
identify many forms of error or departures from IPA
and Unicode usage, and can correct transcriptions to
a proposed ‘normalised’ IPA. CLTS tools identify and
correct Unicode “confusables” (see [3]), e.g. [ә]
U+0259 “Latin small letter schwa” vs. [ǝ] U+01DD
“Latin small letter turned e”, and common
transcription ‘shorthand’ characters, e.g. the ASCII
colon [:] instead of the correct Unicode length
marker [ː] U+02D0. CLTS also normalises the order
of diacritics, e.g. [kʲʰ] rather than [kʰʲ], and their best
placement relative to the base symbol (e.g. a
devoiced ring either above or below it). In return, the
narrow
phonetic
transcriptions
of
Sound
Comparisons served as an extensive test that
contributed to the final stage of development,
refinement and extension of the CLTS software itself.
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of the 37 regiolects of Mapudungun covered by
Sound Comparisons, as at ../sl/2G (where /sl/ = a
short link). Other data such as at ../sl/n5, meanwhile,
are employed in [8] to show that one Huilliche
variety may even have developed a “bisyllabic
consonant cluster with phonemic status /l̪̩ d̪/”.
Sound Comparisons is also particularly suited to
research on dialect continua, including where
migration and contact bring further complexities. As
one illustration, the western Erzgebirge, the ‘Ore
Mountains’ that form a natural frontier between
Germany and the Czech Republic, were from the
12th century onwards settled primarily by speakers of
High Franconian and Thuringian dialects, who thus
also brought their speech into contact with new,
more easterly neighbours. Even a small customised
sample at ..sl/Mm can reveal this mix of origins and
contact. Western Erzgebirgisch deletes word-final
*n (as in ‘stone’ in Table 1) and intervocalic *g (as
in ‘nail’), both traits probably inherited from East
Franconian. But it also shows the typically (East)
Thuringian hardening of word-initial *j- (as in
‘year’), while its vowel system has been re-shaped
by retracting *a (as in ‘name’) and by fronting back
rounded vowels (as in ‘dog’), traits typical of Upper
Saxon, the main contact variety since the migrations.

exports to the user the phonetic transcriptions and
the sound files for that precise selection of languages
and words. Exports are in Unicode plain csv and tsv
formats, and comply with the proposed CrossLinguistic Data Format (CLDF) standards (see [4]), to
facilitate integration with the suite of databases that
already follow this format (clld.org/datasets.html).
This progressive integration aims also to ensure the
sustainability and long-term data curation that CLDF
and CLLD are specifically devised to provide.
It is also possible to cite any studies and views
with custom URLs after the soundcomparisons.com/
root (replaced by ../ in the links below), as follows.
 Any specific study: e.g. ../Germanic.
 Any specific view type and word: e.g.
../Germanic/map/night
 Any current user interface language for the
website (English, Bislama, Croatian, German,
Italian, Polish, Portuguese, Russian, Spanish),
using its two-letter ISO 639-1 code: e.g.
../bi/Vanuatu for the Bislama version.
 All data for any one language variety, using its
three-letter ISO 639-3 code, or its aaaa0000
format GlottoCode: e.g. either ../cap or
../chip1262 for the Chipaya language.
 Often a single ISO or GlottoCode has several
sub-varieties in Sound Comparisons, so those
codes return a table of all of those sub-varieties:
e.g. ../vls shows the three varieties that fall under
ISO code vls for Flemish.
 Any individual variety is specified by its Sound
Comparisons URL-name: e.g.
../Gmc_W_Dut_ZandF_FlW_FrenchFlemish_Dl
for the ‘Flemish’ specific to northern France.

Table 1: Western Erzgebirgisch compared to its source
and contact dialects — data at ..sl/Mm.

7. RANGE OF RESEARCH APPLICATIONS
Some of the earliest publications founded on the
data now built into Sound Comparisons focused on
English dialectology (see [5], [6]). Those were soon
extended to Germanic historical linguistics, to the
general methodological challenge of quantifying
linguistic distance, and to whether such measures
can validly contribute to diachronic study, as in [7].
On a vexed question of language classification,
meanwhile, [8] addresses whether Huilliche qualifies
as either a fully-fledged language and ‘sister’ to
Mapudungun, or just a slightly divergent dialect
within it. Sound Comparisons data were employed
as evidence to clarify the nature and degree of
phonetic divergence that underlies the classificatory
confusion. Mapudungun is also characterised by a
“typologically famous series of interdental-alveolar
oppositions”, i.e. not just /θ/ vs. /s/, but also /t̪ / vs. /t/,
/n̪/ vs. /n/ and /l̪ / vs. /l/. Despite claims of its demise,
in [9] this opposition is shown to survive in various

dialect
group

East
Franconian

Thuringian

Upper
Saxon

West
Erzgebirge

locality

Altersbach

Altenburg

Leipzig

Aue

‘stone’

ʃtaɪ

ʃteːn

ʃtɛɪn

ʃtæː

‘nail’

nɛːl

nɔ̝ːʁәl

nʌːʁ̥әl

nʌː.әl

‘year’

juwɚ

ɡɔˑʌ

jɔˤː

ɡɔ̟ˤː

‘name’

nu:mә

nɤ:mә

nʌːmә

nʌːmә

‘dog’

hɔʏnd̥

hʌntʰ

hɵnt

hɵnt

Other language families and regions covered within
Sound Comparisons offer many further data-sets
open to researchers to exploit: on, for instance,
debated aspects of English dialectology such as ‘preglottalisation’ in Tyneside English; on geminate
reflexes across Italian dialects; on prenasalisation
phenomena in many near-undocumented Oceanic
languages of Vanuatu; and on the striking consonant
clusters in the little-known Chipaya language of
highland Bolivia, at ../cap.
In sum, the scale, diversity and precision of the
Sound Comparisons database, coupled with its
powerful research functionality and full open access
online, make for a rich resource. Researchers in
phonetics are invited to explore and make use of it.
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ABSTRACT
This study investigated potential lingual gestural
differences between the alveolar/dental nasal /n/ and
the voiceless stop /t/ (or /t’/) using electropalatography data from 28 individuals, native
speakers of six languages (English, French,
Japanese, Korean, Serbian, and Spanish). An
analysis of almost 4,000 tokens of these consonants
in initial and medial positions revealed significantly
weaker contact for the nasal than the stop with
differences varying in magnitude across languages.
For some of the languages (English and Spanish), no
differences were observed in medial contexts, where
the stop was subject to intervocalic lenition. Overall,
the results indicate that the seemingly similar lingual
gestures involved in the production of nasals and
stops differ in their realizations. These differences
are argued to reflect the distinct aerodynamic,
physiological, and acoustic requirements involved in
the production of consonants of different manners.
Keywords:
electropalatography,
manner, phonetic typology.

articulation,

1. INTRODUCTION
The alveolar/dental nasal /n/ and the stop /t/ are
produced with the same lingual gesture – a tongue
tip closure at the alveolar ridge or the upper teeth.
They are thus articulatorily similar, sharing the same
lingual gesture. This reflects the general principle of
‘gestural economy’ [19] or ‘articulatory symmetry’
[29]: consonants of different manners of articulation
tend to exhibit the same or very similar place
constrictions. The gestural similarity of nasals and
stops is captured in models such as Articulatory
Phonology [2] and its more recent task-dynamic
implementation TADA [24], in which the tongue tip
gesture for /n/ and /t/ is specified for the same
constriction degree, constriction location, stiffness,
and other parameters (cf. [26]).
Although nasals and stops are produced with the
same lingual gesture, their production involves
rather different aerodynamic and physiological
requirements. Stops are produced with increased
intraoral pressure during the occlusion [32, 21] and
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are released with a salient burst. These events can be
facilitated by the lateral tongue bracing against the
upper teeth [7] and/or raising of the jaw [23]. These
strategies, in turn, can affect the precise positioning
of the tongue during the oral constriction. Neither
lateral bracing nor jaw raising is necessary for
nasals, as these consonants are produced with
continuous nasal airflow. The lowering of the velum
for nasals, on the other hand, can affect the
positioning of the tongue via the palatoglossus
muscle [18]. Together, the manner-specific
requirements for stops and nasals can lead to
differences in their precise phonetic realizations.
Articulatory differences between the English
nasal and stop consonants were investigated by
Gibbon et al. [11]. Using electropalatography
(EPG), they compared the degree of linguopalatal
contact between word-initial /n/ and /t, d/ as
produced by 15 (mainly British) English native
speakers. /n/ was often realized with weaker, less
complete closure and reduced side contact compared
to /t, d/. Using the same method, Liker and Gibbon
[17] found similarly weaker closures in /n/ vs. /t, d/
as produced by 6 Croatian speakers. Results of these
studies suggest that differences in the realization of
the lingual gesture between nasals and stops are
rather general, cross-linguistic, and appear to reflect
the influence of the aerodynamic and physiological
factors reviewed above.
To explore the predicted cross-linguistic
nasal/stop articulatory differences, this paper
examines data from a cross-language EPG database
containing productions of dental/alveolar nasal /n/
and its voiceless stop counterpart /t/ in 6 languages.
2. METHOD
2.1. Speakers

Data for this study were obtained from a set of EPG
recordings of 28 participants, native speakers of 6
languages [14, 13]. Table 1 presents a breakdown of
the sample by language, gender, and country of
origin. All speakers were late English bilinguals who
reported using their L1 on a daily basis. Custommade artificial palates with 62 electrodes were
manufactured for each participant; 19 speakers had
the traditional Reading-style palate, the other 9 a

newer Articulate model palate [33]. The latter palate
can have a somewhat better coverage of dental
place. Apart from this, the two models provide
similar information about the consonants of interest.
Table 1: Languages and speakers represented in
the sample; f = female.
Language
EN (English)
FR (French)

Speakers
3 (1 f)
4 (4 f)

JP
KR
SP

(Japanese)
(Korean)
(Spanish)

5 (5 f)
5 (3 f)
7 (6 f)

SR

(Serbian)

4 (3 f)

non-front, non-high; none of the words contained /i/,
which is known to cause lingual coarticulation [28].
Table 2: Counts of paired /n/-/t/ words and total
numbers of tokens per language and position
selected for the analysis.
Pairs of items (/n/ vs. /t/)
Initial
Medial
##_V
V#_V
V_V́
V́_V
EN
4
6
4
5
FR
1
2
2
-JP
-1
-8
KR
1
--4
SP
2
4
2
9
SR
1
--4
Tok.
300
899
271
2314

Countries
Canada
France, Canada
(Quebec)
Japan
South Korea
Argentina,
Cuba, Spain
Serbia
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574
221
809
624
1365
191
3784

Table 3: Sample items with /n/ and /t/ in initial
position (utterance-initial single words; except for
JP: [sore wa __ to itːa]).

2.2. Materials

All of the languages examined in this study have a
manner contrast between /n/ and the corresponding
stops. The stops are the voiceless and voiced /t, d/,
except for KR, which has the fortis, aspirated, and
lenis /t’, tʰ, t/ [16, 4]. Both the nasal and stops are
described as having the same place: denti-alveolar in
FR [5, 9] and JP [25], alveolar in EN [5] and KR
[16], or variably dental/alveolar in SR [22, 17]. SP is
an exception, with /n/ being described as apical
alveolar and /t, d/ being denti-alveolar or dental [27,
20]. The cross-language differences in place are
beyond the scope of the paper, as our focus is on the
realization of manner differences in each language.
Specifically, we compared /n/ to the voiceless stop
/t/ (or /t’/ in KR), as both consonants occurred
frequently in our materials for all 6 languages.
The data set includes read and semi-spontaneous
speech samples that were designed for separate
language-specific studies. For the current study, we
selected a total of 60 items – real and nonsense
words read in carrier sentences and in isolation – 30
each with /n/ and /t/ in prevocalic position. The
words were paired with respect to the occurrence of
the target consonants by position and general
phonetic contexts. As shown in Table 2, there were
two general positions, initial and medial. In some of
languages, a subset of more specific positions was
present: utterance-initial (##_V), word-initial (postvocalic, V#_V), word-medial pretonic (V_V́), and
word-initial posttonic (V́_V). There were on average
7 repetitions per item, exact numbers varying across
languages and speakers. Sample items occurring in
initial position in the 6 languages are shown in Table
3. Sample items by position for one of the
languages, SP, are shown in Table 4. Note that, in
most but not all cases, adjacent vowels were the
same. The majority of the following vowels were

Tokens

EN
FR
JP
KR
SP
SR

[naɪ]
[nɔɛl]
[naɡai]
[nal]
[nata]
[noːs]

/n/
‘nigh’
‘Christmas’
‘long’
‘day’
‘cream’
‘nose’

/t/
[taɪ]
[ta͂dy]
[takai]
[t’al]
[tasa/taθa]
[tuːɡa]

‘tie’
‘tense’
‘tall’
‘long’
‘cup’
‘sadness’

Table 4: Sample Spanish items with /n/ and /t/ in
four specific positions.
Position
Initial
##_V
V#_V
Medial

V_V́
V́_V

/n/
nata ‘cream’
Diga ‘nada’ otra
vez ‘Say ‘nothing’
again’
frenó ‘s/he pushed
the break’
afgano ‘quilt’

/t/
taza ‘cup’
Diga ‘tajo’ otra
vez ‘Say ‘cut’
again’
traté ‘I tried’
zapato ‘shoe’

2.3. Instrumentation and analysis

The data were collected using a WinEPG system
[34] at a sampling rate of 100 Hz. The artificial
palates used with the system have a 62-electrode
grid that can be schematically represented as 8 rows
and 8 columns, with the anterior consonants /n, t/
typically showing central closures in the first 4 rows
and some side contact (columns 1 and 8) [10].
All /n/ and /t/ closures were annotated based on
the waveform and spectrogram using the Articulate
Assistant program [34]. For /n/, the boundaries were
taken to be the onset and offset of the nasal murmur.
For /t/, boundaries were the onset and offset of the
silent interval (excluding the burst); in utteranceinitial position, where onset of /t/ closure cannot be
acoustically detected, it was arbitrarily taken to
begin 70 ms before the burst. Linguopalatal contact

profiles were automatically extracted at the point of
maximum contact (PMC). The dependent variable
was the Quotient of activation (at PMC, Q_max) or
the amount of contact over the entire palate (the
number of ‘on’ electrodes divided by all electrodes,
62) [10; cf. 11, 17]. Other EPG variables were also
measured but are not reported here for space
reasons.
The data were analysed using linear mixed
effects models with the lme4 package [1] for R. For
the cross-language analysis, Language (EN, FR,
etc.), Consonant (/n/, /t/), and Position (initial,
medial) were fixed effects. For language-specific
analyses, the fixed effects were Consonant (/n/, /t/)
and Position (utterance-initial, word-initial, wordmedial pretonic, word-medial posttonic – depending
on the language). Random effects were the same:
Speaker, Word Pair, and Vowel Context.
Interactions were also included. P-values were
obtained using the chi-square test implemented in
the Anova() function of lmerTest package [15].

Figure 1: Amount of contact (Q_max) for /t/ and
/n/ by language and consonant (top) and language
and position (bottom).

3. RESULTS
3.1. Manner and position differences across languages

The results of the cross-language model,
summarized in Table 5, revealed significant main
effects of Language, Consonant, and Position. In
addition, there were significant interactions of all
three effects. As Figure 1 illustrates, language
groups were similar in the direction of the
Consonant (a) and Position (b) effects: more contact
was observed on average for /t/ than /n/, and for
initial than medial position. Language groups
differed in the overall amount of contact as well as
in the magnitude of the Consonant and Position
differences.
Table 5: Results of a linear mixed effects model
for the full data set (***<0.001, **<0.01, *<0.05).

Effect
Language
Consonant
Position
Language * Consonant
Language * Position
Consonant * Position
Language * Consonant *
Position

Chisq Df
20.833
65.673
23.350
14.133
16.503
8.5887

5
1
1
5
5
1

41.426

5

Pr
(>Chisq)

0.0009
<0.0001
<0.0001
0.0148
0.0055
0.0034

***
***
***
*
**
**

<0.0001 ***
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3.2. Manner and position differences within languages

Given the observed interactions of Consonant and
Position with Language (as well as differences
among the datasets described in §2.2), we conducted
separate language-specific analyses. As shown in
Table 6, the effect of Consonant was significant for
all groups except EN; the effect of Position was
significant for all groups except JP. These results
confirm our observations based on Figure 1.
The results for most groups (EN, JP, KR, SP)
also showed significant Consonant * Position
interactions (all p<0.01). A closer examination of the
EN data revealed that the manner difference was
present in word-initial and medial-pretonic positions
(e.g. say nigh vs. say tie, analogy vs. atomic) but
absent in utterance-initial and medial-posttonic
positions (e.g. nigh vs. tie, analogue vs. atom) as
shown in Figure 2. The lack of contact difference in
the former position was not expected, but can be
reasonably attributed to the ceiling effect from initial

strengthening [8, 4]. The lack of difference in the
latter position is obviously due to the allophonic
process of /t/-flapping in North American English,
as a result of which the stop gesture is reduced both
in duration and magnitude [6].
Table 6: Results of language-specific models, the
effects of (a) Consonant and (b) Position
(***<0.001, **<0.01, *<0.05).
a.

b.

EN
FR
JP
KR
SP
SR

Chisq
2.305
4.3931
10.621
33.529
4.295
12.911

Df
1
1
1
1
1
1

Pr(>Chisq)
0.129
0.0361
0.0011
<0.0001
0.0382
0.0003

EN
FR
JP
KR
SP
SR

Chisq
35.378
66.566
0.001
22.136
10.964
6.046

Df
3
2
1
1
3
1

Pr(>Chisq)
<0.0001
<0.0001
0.9742
<0.0001
<0.0001
0.0139

16, 31]). The lack of a positional difference in JP
can be attributed to phonetic context differences: in
the JP dataset, the word-initial consonants occurred
exclusively next to low /a/, while word-medial
consonants occurred next to the mid/high vowels /e,
o, u/. A greater proportion of high and front vowel
contexts in the FR dataset (62% compared to 33%
on average) may have also been responsible for the
relatively small manner difference for this group and
the overall highest Q_max values (see Figure 1).
4. DISCUSSION AND CONCLUSION

*
**
***
*
***
***
***
**
***
*

Figure 2: Amount of contact (Q_max) by position
for the English group.

The interaction in SP appears to be related to
lenition as well. Here, the contact difference was
present in both initial positions but absent in both
medial positions. Note that medial position
(regardless of stress) is the site of the allophonic
process of /d/-spirantization [27, 20]. Although /t/ is
not usually reported to participate in this lenition
process (but see [15]), our results suggest that it is
affected gradiently and to a similar extent as /n/ (cf.
[30]). The relatively small magnitude of the manner
difference in SP can be due to different places for /n/
(alveolar) and /t/ (dental), with the contact for the
latter being partly beyond the scope of the artificial
palate. In contrast to the SP positional differences,
the interactions observed for JP and KR were
opposite: a greater nasal vs. stop difference medially
than (word- or utterance-) initially. This indicates
that /n/ in these two languages patterns with
voiced/lenis stops (which are subject to lenition [25,

288

Overall, our examination of EPG data from 6
languages revealed that the nasal /n/ tends to be
produced with less contact than the voiceless stop /t/.
These differences were found to be subtle yet
significant both across and within languages. The
results thus confirm previous findings for British
English and Croatian [11, 17] and suggest that the
differences are not language-particular, reflecting
manner-specific aerodynamic and physiological
constraints [7, 18, 21, 23, 32]. However, the overall
magnitude of the differences observed in this work
is lesser than reported in previous studies.
Specifically, the average amount of contact (Q_max)
in our study was 0.48 for /n/ vs. 0.56 for /t/,
compared to 0.55 vs. 0.87 in [13]. At least in part,
this is clearly due to differences in the materials
used: a small number of minimal pairs (as in [13]: a
tab – a nab, a tip – a nip) compared to a larger set of
words and sentences from the inherently more
variable data studied here. Although not perfectly
controlled for, our focus on various positions and
stress conditions was important, as it revealed much
more complex patterns characterized by interactions
between manner-specific constraints on the one hand
and language-specific allophonic processes and
general phonetic effects (initial strengthening and
coarticulation) on the other.
Finally, the results also revealed very robust
positional effects. In particular, both consonants
exhibited considerably more contact at the edges of
prosodically strong domains (utterance-initially,
word-initially, and pretonically), further confirming
previous articulatory work on prosodic effects [8, 4].
Future research should seek to model interactions
among various phonetic effects, including manner
differences, teasing apart the underlying general
(aerodynamic and physiological) and languageparticular factors.
ACKNOWLEDGEMENTS
This research was supported by grants from the
Social Sciences and Humanities Research Council of
Canada and the University of Toronto.

5. REFERENCES
[1] Bates, D., Maechler, M., Bolker, B., Walker, S.,
Christensen, R. H. B., Singmann, H., ...
Grothendieck, G. (2017). lme4 package, version 1.1–
13 [Computer software].
[2] Browman, C. P., Goldstein, L. 1992. Articulatory
phonology: An overview. Phonetica 49, 155–180.
[3] Cho, T., Jun, S.-A., Ladefoged, P. 2002. Acoustic
and aerodynamic correlates of Korean stops and
fricatives. J. Phon. 30, 193–228.
[4] Cho, T., Keating, P. 2009. Effects of initial position
versus prominence in English. J. Phon. 37, 466–485.
[5] Dart, S. N. 1998. Comparing French and English
coronal consonant articulation. J. Phon. 26, 71–94.
[6] De Jong, K. 1998. Stress-related variation in the
articulation of coda alveolar stops: Flapping revisited.
J. Phon. 26, 283–310.
[7] Fletcher, S. G. 1992. Articulation: A Physiological
Approach. San Diego, CA: Singular Publishing
Group.
[8] Fougeron, C. 2001. Articulatory properties of initial
segments in several prosodic constituents in French.
J. Phon. 29, 109–135.
[9] Fougeron, C., Smith, S. 1999. French. In: Handbook
of the International Phonetic Association.
Cambridge: Cambridge University Press, 78–81.
[10] Gibbon, F., Nicolaidis, K. 1999. Palatography. In:
Hardcastle, W., Hewlett, N. (eds.), Coarticulation:
Data, Theory and Techniques. Cambridge:
Cambridge University Press, 229–245.
[11] Gibbon, F. E., Yuen, I., Lee, A., Adams, L. 2007.
Normal adult speakers’ tongue palate contact patterns
for alveolar oral and nasal stops. Advances in Speech
Language Pathology 9, 82–89.
[12] Hualde, J. I. 2015 Los sonidos del español [Sounds
of Spanish]. Cambridge: Cambridge University Press.
[13] Kang, Y., Kochetov, A. 2010. Place of articulation
and lingual coarticulation of Korean coronal
obstruents: An electropalatographic study. Poster
presented at the 12th Conference on Laboratory
Phonology (LabPhon 12), University of New
Mexico, Albuquerque, NM.
[14] Kochetov, A., Colantoni, L., Steele, J. 2017. The
Cross-Language Articulatory Database (CLAD).
University of Toronto, http://clad.chass.utoronto.ca/.
[15] Kuznetsova, A., Brockhoff, P. B., Christensen, R. H.
B. 2017. lmerTest package: Tests in linear mixed
effects models. Journal of Statistical Software, 82, 1–
26.
[16] Lee, H.-B. 1999. Korean. In: Handbook of the
International Phonetic Association. Cambridge:
Cambridge University Press, 120–123.
[17] Liker, M., Gibbon, F. E. 2015. Place of articulation
of anterior nasal versus oral stops in Croatian. JIPA
45, 35–54.
[18] Lubker, J. F., Fritzell, B., Lindqvist, J. 1970.
Velopharyngeal function: An electromyographic
study. Speech Transmission Laboratory Quarterly
Progress and Status Report 11, 9–20.
[19] Maddieson, I. 1996. Gestural economy. UCLA
Working Papers in Phonetics 94, 1–6.

289

[20] Martínez Celdrán, E., Fernández Planas, A. M.,
Carrera Sabaté, J. 2003. Castilian Spanish. JIPA 33,
255–259.
[21] McGlone, R. E., Proffit, W. R., Christiansen, R. L.
1967. Lingual pressures associated with alveolar
consonants, Journal of Speech Language and
Hearing Research 10, 606–615.
[22] Miletić, B. 1933. Izgovor srpskohrvatskih glasova:
eksperimentalno-fonetska studija [The articulation of
Serbo-Croatian sounds: An experimental phonetic
study]. Beograd: Srpska kraljevska akademija.
[23] Mooshammer, C., Hoole, P., Geumann, A. 2007. Jaw
and order, Language and Speech 50, 145–176.
[24] Nam, H., Goldstein, L., Saltzman, E., Byrd, D. 2004.
TADA: An enhanced, portable Task Dynamics model
in MATLAB. JASA 115, 2430–2430.
[25] Okada, H. 1999. Japanese. In: Handbook of the
International Phonetic Association. Cambridge:
Cambridge University Press, 117–119.
[26] Pastätter, M., Pouplier, M. 2014. The articulatory
modelling of German coronal consonants using
TADA. Proc. of the 10th International Seminar on
Speech Production, Cologne, Germany, 5-8 May
2014.
[27] Quilis, A. 1981. Fonética acústica de la lengua
española [Acoustic phonetics of Spanish]. Madrid:
Editorial Gredos.
[28] Recasens, D. 1999. Lingual coarticulation. In:
Hardcastle, W., Hewlett, N. (eds.), Coarticulation:
Data, Theory and Techniques. Cambridge:
Cambridge University Press, 80–104.
[29] Recasens, D. 2010. Differences in base of articulation
for consonants among Catalan dialects. Phonetica 67,
201–218.
[30] Shosted, R. K., Willgohs, B. 2006. Nasals unplugged:
The aerodynamics of nasal de-occlusivization in
Spanish. Selected Proc. of the 2nd Conference on
Laboratory Approaches to Spanish Phonetics and
Phonology, 14–21.
[31] Silva, D. 1992. The phonetics and phonology of stop
lenition in Korean. Ph.D. Dissertation, Cornell
University.
[32] Subtelny, J. D., Worth, J. H., Sakuda, M. 1966.
Intraoral pressure and rate of flow during speech.
Journal of Speech Language and Hearing Research
9, 498–518.
[33] Wrench, A. 2007. Advances in EPG palate design.
Advances in Speech-Language Pathology 9, 3–12.
[34] Wrench, A. A., Gibbon, F. E., McNeill, A. M.,
Wood, S. E. 2002. An EPG therapy protocol for
remediation and assessment of articulation disorders.
In: Hansen, J. H. L., Pellom, B. (eds.), Proc. of the
7th International Conference on Spoken Language
Processing, Denver, CO, 965–968.

THE ROLE OF EXTRA-LINGUISTIC FACTORS IN PITCH RANGE VARIATION: A
CORPUS STUDY OF SPOKEN JAPANESE
Sano Shinichiro1, Sano Céleste2
Keio University1, Bunkyo Gakuin University
s-sano@keio.jp, sanoceleste@gmail.com

ABSTRACT

2

example. Pitch accent is involved in a variety of
minimal pairs, as exemplified in (1) which suggests
its crucial role for lexical distinction in Japanese.

The phonological organization of a language restricts
the way in which pitch change can be realized
lexically and/or intonationally. Previous studies on
tonal languages (e.g., Chinese, Thai) have shown that
a phonological grammar that demands a particular
tonal classification affects the variability in pitch
range; namely, in tonal languages smaller variations
are observed compared to non-tonal languages (e.g.,
English). Japanese is a language with lexical pitch
accent, but no intonational pitch accent reported,
although it utilizes phrasing, for example in focus
marking.
This study investigates the range of pitch accent in
Japanese spontaneous speech. Based on the analysis
of two corpora of spoken Japanese (Corpus of
Spontaneous Japanese and Showa Spoken Japanese
Corpus), we examined the effects of gender, age and
style on pitch range as well as diachronic variations.
Findings suggest that language-specific restrictions
on pitch range can be overridden by the influence of
extra-linguistic factors.

(1)

kaki-ga
kaki-ga
kaki-ga

LHH
HLL
LHL

‘persimmon- NOM’
‘oyster- NOM’
‘fence- NOM’

Contrary to English where accent placement is
determined by an interplay of various linguistic and
extra-linguistic factors, pitch accent in Japanese is a
property of a given word. A logical consequence of
this should be a restriction of the allowed variations
in pitch [7], as they might interfere with the meaning,
resulting in a neutralization of contrastive items.
Previous studies point out some other evidence for
the nature of Japanese with regard to intonation, such
as the use of particles and the interaction of culturally
specified rules. [5] notes that contrary to English
where questions are marked with intonational cues,
Japanese can make use of the interrogative particle –
ka. Without recourse to intonational cues, Japanese
listeners can identify if the sentence in question is
affirmative or interrogative, which is signalled by -ka.
Additionally, a body of psycho-linguistic research on
perceptual cues for emotions in speech shed light on
the influence of social rules on Japanese speech.
Indeed, they found that compared to other languages
the changes in their pitch were attenuated possibly
due to social rules governing the display of social
affects in Japanese (e.g., [8]). That is, not displaying
emotions is a more socially accepted behavior in
Japanese culture.
However, previous studies focusing on infantdirected speech in Japanese shed light on the fact that
in specific pragmatic situations speakers can make
use of pitch range modulation [4, 9]). Indeed,
significant pitch expansion was observed for
interactions with infants when compared to adult.

Keywords: Japanese, corpus, prosody, pitch range,
spontaneous speech
1. INTRODUCTION
Languages have phonological organizations that
restricts the organization of intonational patterns.
Namely, the way pitch patterns are realized both
lexically and in the intonation depends on languagespecific properties [1, 2, 3]. In specific situations,
speakers of a language are allowed to choose from an
inventory of intonational tones which are limited by
the phonological organization of the language.
Previous studies on Infant Directed Speech, for
example, indicate that tonal languages (e.g., Chinese,
Thai) exhibit less variations in intonation than
languages that do not have tonal contrasts (e.g.,
English) [4]. The same observation was also made for
Japanese compared to Western languages [5].
Japanese is a language with lexical pitch accent
but no intonational accent [6]. It has however been
reported to make use of phrasing to mark focus for

Previous studies have investigated variations in
pitch mainly from an experimental and qualitative
point of view. Furthermore, many studies deal with
this topic but by focusing on specific pragmatic
contexts (e.g., for infant-directed speech [4, 9]).
Consequently, there is a need for more studies on the
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interaction between pitch and intonation in a
spontaneous (adult) speech context. This paper
explores the variations of pitch range in spontaneous
speech using corpus data. Specifically, we examined
the effect of gender, age and style on the variations in
pitch range. Diachronic variations were also
explored, based on the comparison of two corpora
composed of speech recordings from different eras.
The goals of this paper are as follows:
• Explore the patterns of pitch range in
spontaneous speech.
• Examine the effect of extra-linguistic factors that
may affect the patterns of pitch range.
• Investigate diachronic variations in pitch range
using recordings form different eras.

end of the Meiji period (1900’s) to the beginning of
the Showa period (1920’s). From the SSJC, we
extracted and annotated the files whose recording
quality was appropriate for acoustic analysis. As a
result, we obtained about 2,000 seconds of speech
samples from 19 speakers (six female, 12 male).
Following the methodology for annotation in the CSJ,
sound files were annotated automatically using a
Praat [11] script detecting pauses of more than 200ms
and boundaries were checked and added manually
when necessary.
In total, we analyzed a total of 1,031 tokens for the
SSJC and 3,785 for the CSJ. For each annotated
clause, duration, minimum f0 and maximum f0 were
retrieved using a Praat script, and pitch range was
obtained based on this data.
In order to normalize the data that includes both
male and female speakers, we converted the raw f0
measurements in semitones for pitch range analysis.
Indeed, [4, 5, 14] show that proportional variations in
pitch are more related to perception than absolute
changes. The semitone scale is a logarithmic scale
that divides changes in frequency on one octave in 12
equal intervals that allows to normalize the data, so
that rather than equivalent differences in absolute
frequency, it is equivalent proportional differences
that are evaluated. Statistical skews were tested using
R [15].

2. METHODS
Data was retrieved from two different corpora of
spoken Japanese. The first corpus is the Corpus of
Spontaneous Japanese ([10], henceforth CSJ), a
large-scale database of spontaneous speeches, from
which a subset that comprises 12 speech samples
(about 10,800 seconds, six male, six female, four
speakers per speech style, age range: 25-69 yo.) was
extracted. The CSJ has a variety of annotations that
were used for analysis. Namely, pitch range
measurements were conducted for each utterance
following the annotations in the TextGrid files
provided with the CSJ. We refer as utterance to what
[10] calls transcription units, and which are defined
as utterances separated by “longer-than-200 ms”
pauses.
Gender and age are annotated in the corpus. The
corpus also provides three different styles: (i)
Academic Presentation Speech (A), a collection of
recorded academic (conference) presentations; (ii)
Simulated Public Speaking (S), recordings of
solicited speeches about everyday life; (iii) Dialogue
(D). A and S are monologues, while D is a
conversation between two speakers. The three styles
differ in terms of presence/absence of real audience
and degree of formality. A and D involve a real
interaction context between a speaker and an
audience (one or several listeners), while in S there is
no audience except for recording staffs. Regarding
the formality, A is more formal than S and D.
In addition, for diachronic comparisons, we used
data from the other speech corpus: the Showa Spoken
Japanese Corpus ([12], henceforth SSJC), a database
of speech samples recorded in the 1950’s. This corpus
does not come with speaker information but gender
was identified from both listening and the personal
information (e.g., name) given by the speakers in their
speech. Although birth year is unknown, the contents
of the recordings suggest that they were born from the

3. RESULTS
Analyses were conducted on the data in order to
investigate the effect of gender, birth year and style
on pitch range variations. The results are presented in
terms of speech style, gender and their interaction in
a first subsection. The following sections introduce
respectively results for age and diachronic variations.
3.1. Speech Style and Gender

The effect of style on pitch range tested by two-way
ANOVA was shown to be significant (p<.001). The
results are presented in Figure 1. We observed the
highest pitch range in D(ialogue) (m=21.14st),
followed by A(cademic Presentation Speech)
(m=18.03st), and the smallest pitch range was
observed for the S(imulated Public Speaking)
(m=16.85st). Pairwise comparisons by Tukey HSD
test confirmed the significant difference between all
three contexts.
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Figure 1: Pitch range by speech style (CSJ)

difference in pitch range between A and D in female
speakers (p=1) while S was significantly different
(p<.001). For male speakers, similar pitch ranges
were observed for D and S (p=.7), which were higher
than A (p<.001). This suggests that male speakers
adapt their pitch variation patterns to the degree of
formality of the context.
In sum, the interaction between gender and style
shows a different behavior for men and women when
it comes to the use of pitch variations in different
stylistic contexts. Women are more sensitive to
affective dimensions (presence or absence of
audience, of interaction); on the other hand, men are
more likely to be affected by referential ones (stylistic
level, formal or casual context).

The results are consistent with the properties of each
speech style and suggest the following. Higher pitch
range is observed in D when compared to A and S,
which corresponds to the affective dimension of this
speech style where two participants are interacting.
The absence of interaction with the audience, and the
information-oriented nature of A justifies a lower
pitch range. Lastly, for S, it is not the absence of
interaction with the audience, but the absence of any
real audience itself, that causes narrower pitch
variations.
When looking at the influence of gender on pitch
range, no significant variation (p=.1) was observed
between female (m=18.80st) and male (m=18.06)
speakers. However, a strong interaction between
gender and style (p<.001) was observed, as illustrated
in Figure 2.

3.2. Age

Next, we turn our attention to how the pitch range
differs depending on the speakers’ age. The
influence of age on pitch range is illustrated in
Figure 3 below. The number of speakers in each
age span is as follows: 25 to 29 (4), 30 to 34 (2),
35 to 39 (3), 40 to 44 (1), 60 to 64 (1), 65 to 69 (1).
Figure 3: Pitch range by age group (CSJ)

Figure 2: Pitch range by speech style and gender
(CSJ)

Statistical testing by two-way ANOVA shows an
inverse correlation between age and pitch range
patterns (p<.001). Specifically, we can observe that
the pitch range decreases as speaker age increases.
The maximum pitch range was observed for the
youngest speakers (m=22.55st) and the lowest for the
older speakers (m=13.33st). The decrease of pitch
range with age is schematically presented in the fitted
line with confidence interval in Figure 4.
The results in Figure 2 suggest that pitch range in
female and male speakers follow opposite patterns
with regard to style. Female speakers exhibit a high
pitch range in speech styles involving an audience (A,
D) than in S without an audience. Statistical testing
by multiple comparisons confirmed the absence of
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Figure 4: Pitch range by speaker age (CSJ)

25-29

30-34

35-39

40-44

60-64

with speech samples from the Showa era recorded in
the 1950’s.
Although the phonological properties of Japanese
suggest that pitch variations should be minimal, our
results shed light on the crucial role of extra-lingusitic
factors: they can override phonological restrictions on
tonal variation. Specifically, we observed a strong
effect of the speech style. Japanese speakers modify
their use of pitch according to the social context.
Furthermore, the factors that affect pitch range
adjustment differ depending on gender. The
propensity of women to solidarity [16], [17], [18]
makes them more sensitive to affective dimensions,
such as the presence of an audience or the chances to
interact or not with them. As such, they exhibit a
wider pitch range when they are in an affective
context. On the other hand, the fact that men are more
affected by social factors such as formality of the
situation is reflected in their wider pitch range in
casual contexts. Age was also shown to affect pitch
range. Results suggest that pitch range might be
subject to variations across a speakers’ life span.
Lastly, we also observed a diachronic difference
between data recorded in the 1950’s and in the
2000’s: a wider pitch range was observed for older
recordings.
We close our discussion by mentioning one of the
possible reasons for wider pitch range in SSJC than
in CSJ. The SSJC recordings we focused on in this
study were extracted from a seminar on speech and
accent accuracy in the 1950’s. More specifically, the
speaker reported that wrong and/or dialectal accent
patterns were frequently observed on the radio and in
everyday life. If this story reflects the language use at
that time, it provides interesting insights on the
observed results. When put in perspective with
previous claims that phonological grammar governs
intonational patterns, it suggests that the restrictions
induced by the phonological grammar might have
been less active in Japanese in the past, allowing more
variation in pitch range.

65-69

The generalization obtained from Figure 3 and 4 is
that as people get older, pitch range decreases. This
suggests the within-speaker development of the use
of pitch variation (age-grading).
3.3. Diachronic variation

This section presents the results of the investigation
on the chronological transition in pitch range using
two corpora. The results are illustrated in Figure 5.
Figure 5: Pitch range by corpus (CSJ & SSJC)

Global pitch range in the CSJ was significantly
(p<.01) lower (m=18.41) than in the SSJC (m=19.61).
Given the fact that the recordings from the SSJC were
made in the 1950’s, results suggest a wider pitch
range in earlier Japanese. Furthermore, we can also
argue that the pitch range in Japanese has been
chronologically decreasing.
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should be able to find FD in the synchronic variation
of languages for which the pattern has not been reported so far. The goal of this paper is to investigate
this hypothesis in Standard French. Since such a pattern is likely to be peripheral, and better reflected in
spontaneous speech, it is difficult to detect in laboratory settings. To be able to quantify the phonetic
precursors of FD, we analyse large corpora of speech
using automatic alignment with pronunciation variants.

ABSTRACT
This study quantifies “final devoicing” (FD) in largescale corpora of Standard French via automatic
alignment with pronunciation variants. We use corpora of different speech styles, ESTER (journalistic
speech) and NCCFr (conversation between friends),
to compare the rates of devoicing and voicing of
word-final fricatives as a function of the following
context (voiceless obstruent, voiced obstruent, sonorant, vowel and pause). Three categories emerge:
before obstruents, word-final fricatives undergo laryngeal assimilation (arrive[f] tôt); before vowels
and sonorants, only little variation is found; before
pause, there is a high rate of devoicing (trouve[f] ##)
and only negligible voicing. This last point shows
that French features FD. This finding, in accordance
with the typology and phonetic studies, extends previous small-scale investigations on regional varieties
of the language to large corpora of Standard French.
The FD effect is reinforced in conversational speech,
and is stronger in labial than in alveolar and postalveolar fricatives.

2. FINAL DEVOICING IN FRENCH

French features a contrast between voiced and voiceless obstruents at three places of articulation. Since
this contrast is maintained in word-final position, as
in case /kaz/ ‘compartment’ ~ casse /kas/ ‘breaks’,
cage /kaʒ/ ‘cage’ ~ cache [kaʃ] ‘hides’, it is a potential candidate for FD. FD has indeed been reported
in a number of regional variants of French, especially in northern and eastern areas, where it is perceived as a marked vernacular feature and believed
to result from contact with Flemish, Picard (northern) and Germanic (eastern) languages [15, 18]. FD
is also a well-known feature of Belgian French [9],
and has been occasionally found in other areas of
France [17]. In these varieties, FD is not systematic,
and it is word-final: it occurs regardless of the following context. To the best of our knowledge however, no large-scale study of FD has been undertaken
for Standard French. The present paper proposes to
enlarge this perspective by investigating the voicing
alternation of word-final fricatives in large-scale corpora of Standard French. Fricatives are interesting
because, since they devoice more easily than stops
[13], we are likely to find more variation in fricatives than in stops; moreover, most of the works on
the voicing alternations of word-final consonants in
French (such as [16, 17, 18]) focus on stops only.

Keywords: final devoicing, fricatives, large corpora, forced alignement, Standard French.
1. INTRODUCTION
Final devoicing (FD) is the process whereby
(contrastively) voiced consonants are devoiced in
domain-final position, as in Balearic Catalan cav
[kaf] ‘I dig’. The process is widely attested in the
typology both as a sound change, which is believed
to progress from larger to smaller prosodic domains,
and as a static sound pattern [4]. It has been argued
to result from aerodynamic constraints of the vocal
tract: the falling of subglottal pressure in domainfinal position quenches the vibration of the vocal
folds [13, 20]. This contrasts with the opposite process, “final voicing”, which is rare or unattested in
the world’s languages [10]. If “sound change is
drawn from a pool of synchronic variation” [14], we
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general trends in the phonology at a large scale in
spontaneous speech.

3. CORPORA
Two manually transcribed corpora of French were
used. The first is a subset of the ESTER corpus
of radio and television news broadcast [6]. In order to focus on Standard French, we filtered out the
data coming from RTM (Radio Television Maroc)
and RFI (Radio France International) which contain
many portions of non-metropolitan French. The remaining corpus comprises 43 hours of speech. The
second corpus is NCCFr, which comprises 36 hours
of conversations between friends [19]. Both corpora
were cleaned of monosyllabic clitics such as je, ce,
se, interjections (eg. pff, oups) and loanwords for
which more than one pronunciation may be possible
(eg. Gomez, Museuw, Zinoviev). Although we cannot precisely control for the percentage of marked
regional variants and foreign accent in the corpora,
our listening to a hundred samples in each of them
suggests a globally high homogeneity. The comparison of ESTER and NCCFr therefore allows us to
measure the trend for FD across two distinct speech
styles, formal (ESTER) and casual (NCCFr).

Base dic.
Var. dic.

grève
grève

ɡrεv, ɡrεvə
ɡrεv, ɡrεvə, ɡrεf, ɡrεfə

Table 1: Sample of the base dictionary vs. dictionary with added variants.

The acoustic models were previously trained on
about 250 hours of transcribed speech from a variety of broadcast radio and TV sources. As such, the
models inherently capture a degree of variation in the
signal, introducing some noise in the results. To limit
this effect, we used context-independent phone models [2].
4.2. Comparisons

In order to quantify FD, we proceed from larger to
more precise comparisons. To control for the general variation found in spontaneous speech, we first
compare the rates of alternations in word-final vs.
word-internal positions (§5.1). A total of 247 972
word-internal fricatives and 27 424 word-final fricatives were extracted. The latter were then restricted
to words where the fricative is in absolute final position (so [ɡʁɛvə], [ɡʁɛfə] were set apart), reducing
the number of tokens to 24 024 (Table 2).
We then focus on the word-final position, and
compare the rates of /f, s, ʃ/ voicing and /v, z, ʒ/ devoicing (§5.2). Word-final tokens were extracted together with the following context, which was sorted
in five classes: voiceless obstruent, voiced obstruent, sonorant, vowel and pause. The “pause” category includes silences and breaths. Note that these
do not necessarily occur at the end of sentences or
syntactic groups: the context we are looking at for
FD is hence purely phonological. Examination of
voicing and devoicing alternations in each of these
five categories reveals two types of processes: before obstruents, the potential effect of FD is masked
by a laryngeal assimilation process (§5.3); in the remaining contexts, we find a relatively high level of
devoicing before pause (§5.4).

4. METHODOLOGY
4.1. Automatic alignment with variants

To measure the voicing alternations in fricatives,
these corpora were segmented using the LIMSI’s automatic speech recognition (ASR) system to carry
out the forced alignments [7]. Forced alignment
matches the corpora’s speech segments with their orthographic transcription, using acoustic models and
a pronunciation dictionary. The pronunciation dictionary provides, for each orthographic word, a short
list of its standard broad phonetic transcriptions (see
Table 1). For each word, the system chooses the
most adapted pronunciation variant listed in the dictionary, and returns the word and phone boundaries.
In order to detect voicing alternation in fricatives,
we introduced additional pronunciation variants in
the dictionary by systematically applying voicing
and devoicing rules to the voiceless and voiced fricatives. For instance, for the word grève the system could choose between the pronunciation variants
[ɡʁɛv] and [ɡʁɛf] (plus optional schwa) (cf. Table 1).
This decision is made based on the system’s acoustic models: in each case, the system decides whether
the fricative best matches the acoustic model of the
voiced or voiceless member of the pair at each place
of articulation. Adding variants to the pronunciation
dictionary is a method used to improve the system’s
performance [12, 2, 3]. It is here leveraged to assist
the linguistic investigation, by allowing us to detect

5. RESULTS
5.1. Word-internal vs. word-final alternations

Voicing alternations were quantified in word-medial
vs. word-final position. As expected, a much lower
rate of variation is found in medial than in final position (Table 3). These low level voicing alternations
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ESTER

NCCFr

Total

17 481

9 543

27 024

/f/
/s/
/ʃ/

1 260
7 376
1 399

826
3 765
631

2 086
11 141
2 030

/v/
/z/
/ʒ/

1 301
3 969
2 176

1 673
1 664
984

2 974
5 633
3 160

N. fric.

Table 2: Number of extracted word-final fricatives.

Fig. 1a.

Figure 1: Rate (in %) of word-final /f, s, ʃ/ voicing (Fig. 1a) and /v, z, ʒ/ devoicing (Fig. 1b) in
ESTER + NCCFr as a function of the following
context. NVObst = voiceless obstruent, VObst =
voiced obstruent, Son = sonorant, Vow = vowel.

roughly reflect unpredictable variation, as when a
whole word is voiced or devoiced. The rate of wordinternal variation can then be used as an indication
for the overall rate of variation in our corpora.

/f, s, ʃ/ voicing
/v, z, ʒ/ devoicing

Medial

Final

6
5

17
27

Fig. 1b.

5.3. Laryngeal assimilation

Both Fig. 1a and Fig. 1b show a high amount of variation before obstruents. When the following context
is a voiced obstruent, word-final /f, s, ʃ/ are voiced
61% of the time (eg. grosse[z] différence). When
it is a voiceless obstruent, word-final /v, z, ʒ/ are
devoiced 68% of the time (eg. mobilise[s] pour).
NCCFr shows overall more variation than ESTER.
This confirms that regressive laryngeal assimilation
at word-boundary is a productive process in Standard
French, in line with previous studies on the subject
[5, 1, 8]. A difference is that we find a preference for
devoicing assimilation, while Hallé & Adda-Decker
found a symmetric effect for fricatives [8].

Table 3: Rate (in %) of voicing alternation in
ESTER + NCCFr as a function of the position in
the word.

The situation where the consonant of interest is in
absolute final position can be compared to the situation in which it is followed by a schwa and/or a
liaison consonant (eg. [ɡʁɛv] vs. [ɡʁɛvə], [ɡʁɛvz],
[ɡʁɛvəz]), representing 3400 tokens. As expected,
we find less variation in this case than in the absolute final position, with a voicing rate of 10% and
a devoicing rate of 9% across all places of articulation and both corpora. Interestingly however, these
rates are still higher than the word-internal ones in
Table 3. They reflect cases where the whole wordfinal sequence is voiced or devoiced depending on
the following context.

5.4. Final devoicing

The second process which emerges from the comparison of Fig. 1a and Fig. 1b is FD. Comparing the
rates of /v, z, ʒ/ devoicing before sonorant, vowel
and pause in Fig. 1b, we find a relatively high rate
before pause (25%), but only marginal variation before sonorants (9%) and vowels (6%). Our study
therefore shows that there is pre-pausal FD in Standard French: the process does not target all wordfinal positions, but only the end of chunks which
can be analysed as utterances. Comparing this to
/f, s, ʃ/ voicing in Fig. 1a, we can see that there is
only marginal variation in all three cases (5% before
sonorants, 7% before vowels, 6% before pause). As
expected, there is no final voicing in French.
The pre-pausal FD process is reinforced in casual
speech, as opposed to prepared speech: as shown by
Fig. 2, there is a higher rate of pre-pausal devoicing in NCCFr (32%) than in ESTER (21%) (χ2 (1) =

5.2. Final position: voicing vs. devoicing

Focusing now on the word-final position, we compare the rates of voicing and devoicing depending on
the following contexts. The comparison of Fig. 1a
(voicing) and 1b (devoicing) shows that three groups
of contexts emerge: before obstruents, laryngeal assimilation takes place; before vowels and sonorants,
only small amounts of variation are observed; before
pause, there is a high rate of devoicing but no voicing. This is evidence for two processes: assimilation
(§5.3) and FD (§5.4).
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17.45, p < .001).
Next, our results show an effect of place of articulation (Table 4): labial fricatives devoice more
frequently than alveolar and post-alveolar fricatives.
When both corpora are pooled, the differences between /v/ and /z/, as well as /v/ and /ʒ/ are significant
(χ2 (1) = 13.37, p < .001 and χ2 (1) = 9.21, p < .05 respectively); the one between /z/ and /ʒ/ is not (χ2 (1) =
.10, p = .74). This result is due to the influence of the
ESTER corpus: in NCCFr alone, none of the comparisons are significant.

olar and post-alveolar fricatives. These are new results, since previous works targetted only one speech
style, and either focused on stops [17, 18] or found a
great variety in the selection of devoicing fricatives
depending on the dialects [15]. In future work we
plan to extend the study to stops, in order to allow
for the comparison and to provide a full picture of
the process in Standard French.
Finally, a word on the methodology is in order. A
major difficulty in studying neutralisation patterns
is how to label the categories, in our case “voice”
and “voiceless”. What is quantified in this paper as
a binary decision most probably corresponds in the
data to a gradient continuum along the acoustic parameters cuing the voice contrast. Telling apart the
canonical vs. alternating tokens is all the more difficult before pause, where the cues for the contrast are
weakened anyway; even in languages where FD has
been reported as a systematic rule, numerous studies
have shown that the neutralisation is acoustically and
even perceptually incomplete [11]. To capture this
gradiency, we are planning in future work to study
in more detail the acoustic parameters at stake in our
corpora. Yet ASR systems are interesting in that they
approach exemplar-based modelisations of the listener. In real life, listeners are able to compensate
for the variation in the signal and to correctly identify the phoneme categories by relying, among other
tools, on subtle acoustic cues and their lexicon. In
a similar way, the acoustic models of ASR systems
are trained on hundreds of hours of speech, including word-final tokens, and may therefore compensate for some of the variation in the signal. An important difference in the method used in this paper is
that the system cannot rely on its lexicon to identify
the phoneme, since the lexicon was modified with
additional variants. It is thus forced to make the decision based on its acoustic models only. In that sense,
this method approximates perceptual experiments at
a very large scale, and stands as a useful complement
to classical acoustic and perceptual studies.

Figure 2: Rate (in %) of /v, z, ʒ/ devoicing before
pause in NCCFr (top) vs. ESTER (bottom).

ESTER
NCCFr
Both corp.

/v/

/z/

/ʒ/

32
35
34

19
32
22

20
28
23

Table 4: Rate (in %) of devoicing before pause in
ESTER vs. NCCFr.

6. DISCUSSION
This study explored the voicing alternations of fricatives in two large corpora of Standard French. We report two processes responsible for these alternations
in word-final position. The first is regressive laryngeal assimilation before obstruents: our findings corroborate previous studies on the topic. The second is
final devoicing before pause, that is, at the end of utterances. The comparison of voicing and devoicing
patterns in non-assimilatory contexts, that is, before
sonorant, vowel and pause, shows a relatively high
rate of devoicing before pause, and no special effect
in the other contexts. Our study thus confirms the existence of FD in the “pool of variation” in Standard
French, before the process may take on and become
a sound change. This situation differs from the one
reported in regional varieties of the language: in our
corpora, FD does not target the end of the word, but
the end of larger prosodic groups. It is not systematic
in this position. Standard French thus shows a preliminary stage of the process. Furthermore, we find
an effect of speech style (there is more FD in casual
speech) and an effect of place of articulation: in ESTER, labial fricatives devoice more often than alve-
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ABSTRACT

co-occurrence of DSM with prosody in perception
and production of an under-studied language.

This paper investigates the homophony/polysemy
between a morphological agentive marker and a
contrastive focus marker in Sümi, a Tibeto-Burman
language of Northeast India. Both are realized by a
phrasal suffix -no that attaches to grammatical
subjects, but the interpretation of the suffix varies by
clause type. The present study examines whether
transitive and intransitive subjects in contrastive
focus receive any special prosodic marking that is
recognizable to native listeners. The study has
implications for understanding the development of
agentive/focus marking in Sümi, as well as other
languages of the Himalayas, and in New Guinea and
Australia where similar homophony/polysemy
between agentive and focus markers has been found.

1.2. Language background

Sümi is a Tibeto-Burman language spoken mainly in
Nagaland, North-East India by an estimated 104,000
speakers. The language has a system of DSM,
whereby certain grammatical subjects in Sümi are
“optionally” marked by a phrasal suffix -no.
The function of -no depends on the sentence type
in which it occurs. In verbless sentences, as in (1), -no
is obligatory only when there is narrow focus on the
subject. In transitive sentences (2 participants), as in
(2), -no is also obligatory, but it simply marks the
agent/doer of the action, whether the agent is in
narrow focus or not. In intransitive sentences (1
participant), as in (3), -no is optional, and its use is
often associated with narrow focus, though this
depends on the speaker.

Keywords: prosody, focus, perception, differential
case marking, Tibeto-Burman

(1) Atsü-no akijeu. /àtsɨ̀ no àkìʒèū/
‘The dog (not anything else) (is) bigger.’
(2) Atsü-no awu ha cheni. /àtsɨ̀ no àwù hā tʃènī/
‘The dog is chasing a chicken.’ or
‘The dog (not anything else) is chasing a chicken.’
(3) Atsü(-no) zü ani. /àtsɨ̀ (no) zɨ̀ ànī/
‘The dog is sleeping.’ or
‘The dog (not anything else) is sleeping.’

1. INTRODUCTION
1.1. Differential subject marking

Differential subject marking (DSM) refers to a system
of case marking that does not merely encode the
grammatical relation of “subject”, but also semantic
and pragmatic information, which include: animacy
of the referent, contrastive focus etc. These systems
are considered “partial and probabilistic” [3], since
speakers appear to have some freedom in whether or
how they mark a noun for case, without changing the
representational meaning of an utterance. Research
has increasingly invoked information structure or
management to explain some of the triggers of DSM.
For example, the ergative in Jingulu also appears to
mark discourse prominence [6]. Yet, despite the
appeal to information structure, few studies examine
co-occurrences of DSM with prosodic patterns, which
cross-linguistically are relevant to the realization of
information-structural categories [2]. Some notable
exceptions are work on intonation and case marking
in Burmese [4] and Jaminjung [7]. Even so, no work
has investigated whether speakers of such languages
use prosodic cues to help in the interpretation of these
case markers, or if they rely more on top-down
information, e.g. the type of sentence in which the
marker appears. In the present study, we examine the

Sümi also has three contrastive tones distinguished
in production by F0 height [8]. The suffix -no itself is
not specified for lexical tone and since it occurs at the
right-edge of the phrase, it is a potential site for
intonational tones. However, given the widespread
use of F0 for lexical differentiation in Sümi, it was
unclear if native listeners would rely on prosodic
differences in perception. We were therefore hesitant
to begin with a resource-intensive study of focus
production and decided to first run a perception
experiment with stimuli produced by a non-naïve
native speaker. Specifically, we asked:
(1) Are Sümi listeners able to use prosodic cues to
distinguish between the agentive function vs. the
narrow focus function of the suffix -no in transitive
vs. intransitive clauses?
(2) Does sentence type (transitive vs. intransitive)
affect listeners’ interpretation of the suffix -no as
agentive (i.e. marking a doer of an action)?
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We tested the hypothesis that agentive and narrow
focus -no were distinguishable by prosodic cues in
this perception task. If agentive and narrow focus -no
were homophonous to listeners, we expected only
sentence type to affect its interpretation, with listeners
more likely to rate verbless and intransitive sentences
with -no as having narrow focus than transitive
sentences. If the suffixes were not homophonous, we
expected that listeners would rate sentences that had
been uttered with narrow focus prosody as having
narrow focus. However, an interaction with sentence
type was also possible, with prosodic cues only
affecting listeners’ interpretation of transitive
sentences, since -no is optional in intransitive
sentences, and previous language consultants had
associated its appearance with narrow focus.

12 lexical nouns referring to animals found in
Nagaland were used. These were balanced for tone on
the final syllable, with four nouns ending with Low
tone, four ending with Mid and four ending with
High. In addition, two nouns, one ending with Low
and one with Mid tone, were used for training
purposes. All words were expected to be known by
native speakers.
All audio stimuli were produced by Dr Salome
Kinny, the main language consultant for the project.
The recordings were done using a Tascam DR100MK-II and head microphone in a quiet room with
the lead researcher present.
The visual stimuli that accompanied the written
Sümi question prompts were illustrated by Mr Obeto
Kinny, who is a member of the Sümi community. He
was asked to draw pictures of animals in a style that
would be recognizable to people in Nagaland. The
same pictures were then used in the perception
experiment.

2. EXPERIMENT
2.1. Participants

10 participants, 5 male and 5 female, took part in the
perception experiment. They were recruited from the
Institute of Chartered Financial Analysts of India
(ICFAI) in Dimapur, Nagaland. All participants were
native Sümi speakers. They were all between the ages
of 20-25 years, with no hearing difficulties reported.

2.3. Procedure

The perception experiment was run in PsychoPy
(v3.0) [5], with pre-recorded audio instructions and
written instructions in Sümi. Participants listened to
the stimuli using Sony MDR7506 headphones in a
quiet room.
The experiment was divided into two parts. In the
first part, participants were told that they would see
some pictures and that a speaker would describe them
in Sümi. Sometimes, the speaker would be
emphasizing who was doing the action; other times,
the speaker would be emphasizing the action. Effort
was made to use language similar to what previous
language consultants had used to describe the two
functions of -no. Participants had to decide what the
speaker was emphasizing in a four-alternative forced
choice task and responded by pressing one of four
keyboard keys, depending on whether they thought
the speaker was emphasizing the actor or the action,
with the middle two options allowing them to indicate
uncertainty. After training without feedback, they
were presented with 48 target stimuli (transitive and
intransitive sentences). All visual stimuli featured a
pair of animals.
In the second part of the experiment, the
participants were told that they would still see
pictures of the same animals in pairs but this time, the
speaker would state that one animal was the bigger
one. The participants had to decide whether the
speaker was emphasizing which of the two was
bigger and respond with either ‘yes’ or ‘no’. After
training without feedback, they were presented with
12 target stimuli (verbless sentences).

2.2. Materials

For the experiment, three sentence types in two focus
conditions were studied. The sentence types were:
Transitive:

Intransitive:
Verbless:

_______-no ha cheni.
‘_______ is chasing.’
(object not explicitly mentioned)
_______-no zü ani.
‘_______ is sleeping.’
_______-no akijeu.
‘_______ (is) bigger.’

The transitive sentences were still considered
grammatical when the object was not mentioned. The
verbless sentences were used as a control group, since
it was only possible to interpret them as having
narrow focus.
The focus conditions were broad (non-narrow)
focus on the sentence vs. narrow focus on the subject.
Our language consultant was asked to respond to a set
of pictures with two different questions, using the
same sequence of words for each focus condition. The
questions used were:
Broad:
Narrow:

Kiu shi ani kea?
‘What is happening?’
Khu no ha cheni/zü ani/akijeu?
‘Who is chasing/sleeping/bigger?
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F(1,52) = 5.804, p = .02; but no interaction effect was
found, F(1,52) = .811, p = .37.

3. RESULTS
3.1. Analysis of production stimuli

Figure 3: Boxplot of F0 at vowel midpoint of final
syllable of sentence

A number of acoustic measures were done on the
production stimuli to test the effect of focus condition
and/or sentence type: (a) duration of suffix -no; (b) F0
across -no; (c) duration of last syllable of noun
preceding -no; and (d) F0 over the final syllable of the
intransitive and transitive sentences, which both end
with the same morpheme -ni ‘present tense’. The first
two measures were done because the suffix, which is
not specified for lexical tone, was identified as a
potential location for prosodic events, similar to the
Japanese particles wa and ga [1], [9]. The third
measure was done because the last syllable of nouns
is where the main tonal contrast is typically found in
Sümi nouns and a potential site for prominence
marking. The fourth measure was to look for evidence
of post-focal F0 compression.
Of these measures, only (a) duration of -no and (d)
F0 over the final syllable were affected by focus
condition and/or sentence type. Figure 2 shows that
the duration of the vowel of -no was shorter in narrow
focus than in broad focus, regardless of sentence type,
although there was more variance in the transitive
sentence under broad focus. A significant difference
was found between the two focus conditions, F(1,65)
= 24.673, p < .001, but no effect was found for
sentence type, F(2,65) = .471, p = .63; or interaction
with sentence type, F(1,65) = .013, p = .91.

3.2. Perception experiment results

The results of the perception experiment were
converted to a 2-point scale for verbless sentences
and a 4-point scale for transitive and intransitive
sentences, where “1” corresponds to a narrow focus
interpretation and “4” to a broad focus interpretation.
Figure 4 presents a violin plot showing that sentence
type affected listeners’ interpretation of sentences
with the suffix -no more than any prosodic cues
associated with broad vs. narrow focus. Listeners
rated verbless sentences as having narrow focus.
Listeners tended to rate transitive sentences with -no
as having narrow focus on the subject; and
intransitive sentences with -no as having broad focus.

Figure 2: Boxplot with duration of phrasal suffix -no

Figure 4: Violin plot with rating of phrasal
suffix -no in different sentence types and focus
conditions. Crossbars indicate the median score.

There was also some evidence for post-focal F0
compression: F0 at the midpoint of the final syllable
of the sentence was lower in narrow focus than in
broad focus, though the difference was larger in the
transitive sentences than in the intransitive ones, as
shown in Figure 3. A significant difference was found
between the two focus conditions, F(1,52) = 13.147,
p < .001, as well as between the sentence types,
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We analyzed the responses to the transitive and
intransitive sentence stimuli using a mixed effects
model with sentence type, focus condition, and the
interaction between sentence type and focus as fixed
factors and participant as a random effect. The results
support the picture presented above: only sentence
type is a significant predictor of rating, (χ2(2) =
10.143, p = .006). On the other hand, focus condition
was not a significant predictor of rating (χ2(2) =
2.061, p = .357), nor was the interaction between
sentence type and focus condition (χ2(2) = .394,
p = .530). These results reflect the trend we see above
where we find listeners more likely to rate the
transitive sentences as having narrow focus on the
subject; and intransitive sentences as having broad
focus. Estimates and t-values from the best fitting
model are presented in Table 1.

Nevertheless, the presence of such a task effect
does not negate our main findings. In fact, the
interpretation of the intransitive sentences as having
broad focus may also be driven by language change.
The language consultants who would interpret -no in
intransitive sentences as a narrow focus marker were
often older than many of the experiment participants,
and they also came from more rural areas. It is
therefore possible that we are seeing a semantic shift
in progress, whereby younger urban speakers are
treating -no less like an agentive/focus marker and
more like a grammatical subject marker. This idea is
supported by discussions with younger speakers, as
well as work-in-progress looking at inter-speaker
variation in the use of -no in video description tasks.
Overall, the findings support the broader view that
speakers of some languages with DSM use top-down
information, such as sentence type, to interpret the
case markers. However, we are hesitant to generalize
to all other languages with DSM, because our results
may be due to Sümi being a tonal language, in which
F0 is already used for lexical differentiation. We
would therefore welcome similar research on nontonal languages with DSM that have richer
inventories of intonational units.
In terms of future work, we are seeking more
participants for this study. Given limited resources in
the field and the results of our current study, we feel
that a large production study would only be worth
doing if we can identify other possible contexts in
which prosodic cues might play a role in
disambiguating the functions of case markers, e.g.
counter-expectation. Similarly, if listeners had shown
sensitivity to prosodic cues in this task, we would
consider manipulating the acoustic characteristics of
the stimuli to identify which cues were most salient.
We would also like to advocate for the inclusion of
such perception experiments as part of the repertoire
of tools available to linguistic fieldworkers, who are
usually not native speakers or listeners of the
languages they work on. Such experimental work can
reveal insights that would not be found by working
with a few language consultants or even by doing a
production study with many speakers.

Table 1: Estimates and t-values for best fitting
model for interpretation score.

Fixed effect

Estimate

Sentence type
Focus condition
Sentence-Focus
Interaction

.283
.075
.142

Standard
error
.160
.160
.226

t value
1.776
.470
.628

4. DISCUSSION
The results of the study show that the agentive and
narrow focus forms of -no are not distinguished by
listeners via prosodic cues in this task. Despite the
presence of acoustic differences in the stimuli, i.e. a
shorter suffix duration and post-focal F0 compression
in the narrow focus condition, listeners relied only on
sentence type to interpret the function of the suffix.
An unexpected finding was that listeners tended to
rate intransitive sentences with -no as having broad
focus, and not narrow focus, given that the suffix is
not obligatory on intransitive subjects and was treated
as a focus marker in these sentences by previous
language consultants. It was similarly unexpected that
listeners tended to rate transitive sentences as having
narrow focus, instead of broad focus.
Here, we consider the possibility of a task effect
because the method involved playing sentences that
included the verb. In natural speech, speakers can
unambiguously achieve narrow focus by producing
the subject noun phrase alone, so the inclusion of the
verb in the stimuli may have led listeners to rate the
intransitive sentences as having broad focus. This
effect may have also been present in the transitive
stimuli but was mitigated by the omission of the
grammatical object.

5. SUMMARY
We have shown evidence that although the phrasal
suffix -no is produced with different prosodic cues in
its agentive and narrow focus functions, the forms are
homophonous to native Sümi speakers in perception.
This adds to the view that the interpretation of
differential case markers in Sümi is driven not by
differences in the forms of the case markers, but by
the use of the case markers in certain sentence types.
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boundary at which point a stimulus is judged to
belong to the short or long category.
Vowel formant characteristics affect vowel length
categorisation in, for example, Thai [1,16,21] and
Swedish [6,11]. Whereas, f0 is a secondary cue in
vowel length perception for Japanese listeners such
that falling f0 was perceived as ‘long’ earlier in the
continuum than stimuli with a level f0 contour [14,16]
(c.f. German [16,23]).
In other perception research, the immediate
phonetic context has been found to provide cues to
phonemic category [20,24]. Considering vowel length
perception, an example of a context effect is found in
Thai for which longer post-vocalic nasal duration
conditioned a higher proportion of short-vowel
responses than did nasals with shorter duration [21].
The present paper reports on a preliminary study
investigating the perceptual categorisation of vowel
length in Djambarrpuyŋu, an Australian Indigenous
language of northeast Arnhem Land, spoken by
~4,300 people [2].

ABSTRACT
Australian Indigenous languages are often reported to
have compensatory lengthening of consonants after
phonemically short vowels. There have, however,
been very few perception studies of these languages,
and none, to date, focused on vowels. This paper aims
to determine whether Djambarrpuyŋu listeners use
consonantal lengthening as a cue to vowel length. A
forced-choice categorisation task investigated how 19
Djambarrpuyŋu listeners (9M, 10F) use segmental
duration in their processing of words minimally
distinguished by vowel length. Results show that
listeners rely primarily on vowel duration in their
categorisation behaviour. However, when the
vowel’s duration was ambiguous, that is, between the
duration ranges of short and long, phonetically long
nasals affected the cross-over point of word
categorisation. This study supports the primacy of the
phonemic vowel length contrast for listeners and also
shows that durational context can expand the range of
vowel length categories.

1.1. Vowels in Djambarrpuyŋu: Phonetics and
phonology

Keywords: categorical perception, vowel length,
consonant duration, Australian Indigenous languages

Like many Australian Indigenous languages,
Djambarrpuyŋu has a three vowel quality system,
triangular in shape, with a length contrast, resulting in
six vowels /ɪ, ɪː, ɐ, ɐː, ʊ, ʊː/ [25].1 Vowel length is
contrastive only in the initial syllable of words which
is putatively the location of primary stress [25]. This
restriction of the contrast to the initial syllable is
observed in many Australian languages that have
contrastive vowel length [4,9,10].
Vowel phonemes in Australian languages
typically display a large degree of allophonic
variation, often attributed to coarticulation with
neighbouring consonants [10]. Further to this, vowel
spectral information is found to covary only
minimally with length in many languages, often
showing a great deal of overlap between categories.
This is the case for Djambarrpuyŋu; long and short
vowels have very similar spectral characteristics [13].
Consonantal lengthening is reported to occur
following phonemically short vowels in open, wordinitial syllables in a number of Australian languages
[4]. Similar types of inverse duration relationships are
observed in, for example, Icelandic, Norwegian and

1. INTRODUCTION
The categorisation of a phone in speech is the result
of a constellation of phonetic cues contributing to the
overall perception by the listener [19]. There is often
a primary cue which listeners rely on, but there may
be other secondary cues which contribute to a
listener’s perception [20]. In languages that have
phonemically contrastive vowel length, the duration
of the vowel is cross-linguistically found to be the
primary cue used by listeners in categorising vowels
as one of the relevant length categories [6,15,16].
Other secondary cues to vowel length, such as
spectral information and fundamental frequency (f0),
are utilised differently across languages in vowel
length perception, as they are in production [16].
Crucially, it is often found that the cues exploited by
listeners in perception are those that covary with
length category in production. These secondary cues
may affect a listener’s perception, shifting the
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Swedish (as discussed in [15]). In some formal
phonological accounts of Australian languages, this
lengthening is attributed to the necessity for stressed
syllables to be bimoraic [3,4]. Phonetically,
lengthening may contribute to the encoding of
accentual prominence [8]. A claim about the reasons
for consonantal lengthening is not proposed here. In
Djambarrpuyŋu, some consonants following short
vowels have been found to have longer duration than
consonants following long vowels [12], and this
effect is seen most strongly for consonants following
short vowels in open syllables [13].

As shown in Figure 1, duration of the intervocalic
nasal covaries with vowel length in this pair of words.
Figure 1: Duration values (ms) of vowels /ɐː/ and
/ɐ/ and following nasal /ŋ/ in the Djambarrpuyŋu
words /wɐŋɐ/ (grey) and /wɐːŋɐ/ (white).

2. AIMS AND HYPOTHESES
It is not yet known how the phonemic vowel length
categories of long and short align with phonetic
duration of a vowel in perception for any Australian
Indigenous language. Further, it is not known to what
extent listeners use the vowel-consonant durational
complementarity in categorising vowels as to their
length category.
This paper aims to establish how Djambarrpuyŋu
listeners use duration of vowels and that of the
following consonant in categorising vowel length.
Specifically investigated is how listeners categorise a
word as being the short- or long-vowel member of a
pair of words phonemically distinguished by vowel
length alone.
It is hypothesised that Djambarrpuyŋu listeners’
perception of vowel length is categorical. Further,
vowel duration is predicted to be the primary cue
listeners rely on in their categorisation of vowel
length. However, it is expected that consonant
duration is exploited in the durationally ambiguous
region of the vowel continuum—that is, when a
vowel is durationally between the ranges of the short
and long categories. It is hypothesised that in those
cases, a following consonant with shorter duration
will result in the vowel being perceived as ‘long’,
whereas when a consonant has longer duration the
vowel will be perceived as ‘short’. This will be
reflected in the listeners’ word choice. In this regard,
it is hypothesised that consonant duration will
influence listener judgement of category boundaries.
The perceptual category boundary is hypothesised to
occur in the durational region between the vowel
length categories observed in production.

Stimuli were created by manipulating in Praat [7]
(using tailored Praat scripts) the duration of the vowel
and following nasal in a single token of /wɐŋɐ/,
spoken by a Djambarrpuyŋu man, 39 years of age.
The duration of the steady-state portions of the first
vowel and the following nasal were manipulated
along a seven-point continuum which encompassed
the durational range observed in the production of
those segments in the words /wɐŋɐ/ and /wɐːŋɐ/ in a
dataset of seven speakers (plotted in Fig. 1). Steps
were evenly spaced along the continua. The
durational values of stimuli steps for the vowel and
nasal are provided in Table 1. These values represent
the duration of the entire segment including the
manipulated steady state portion and transitional
periods. It is predicted that the category boundary in
perception will be between vowel steps 3 and 4 (i.e.,
160ms-185ms).
Table 1: Durations (ms) for vowel (V) and nasal (N)
steps in stimuli (full factorial design: 7*7 = 49).
Step
1
2
3
4
5
6
7

V (ms)
110
135
160
185
210
235
260

N (ms)
90
108
127
145
163
182
200

3.2. Participants

Nineteen first language Djambarrpuyŋu speakers
from Yurrwi (Milingimbi), Northern Territory,
Australia, participated in the task (10 women, 9 men;
age range = 25–61 years, mean age = 41 years).
Participants were compensated for their time.
Hearing loss is not an uncommon issue for people
in remote communities in Australia; five participants
reported having hearing difficulties in one or both of

3. METHOD
3.1. Stimuli

The minimal pair waŋa /wɐŋɐ/ “talk” and wäŋa
/wɐːŋɐ/ “home” was selected for investigation in a
two-alternative forced-choice categorisation task.
These items are comparably frequent in daily speech.
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3.4. Statistical analysis

their ears. The effects that this may have on their
speech perception is not investigated here.
Participants are representative of their community in
terms of age, linguistic repertoire, and hearing.

Generalised Linear Mixed Models were used to
statistically test the data using the glmer() function
from the lme4 package [5] in R [18,22]. Response
(/wɐŋɐ/-/wɐːŋɐ/) was the dependent variable, fixed
factors were vowel step (seven levels), nasal step
(seven levels), block (four levels), as well as an
interaction between vowel step and block. The random
effects structure included intercepts for participant
(19 levels), and by-participant random slopes for the
effect of vowel step. The best fitting model was
selected using likelihood ratio tests. Selected results
of Tukey’s post-hoc tests are presented. Results are
considered significant if p < 0.05.

3.3. Experiment design and procedure

The experiment was constructed and presented in
OpenSesame (v.3.1) [17] using a laptop computer, in
situ. Participants undertook the task at their homes,
either inside or outside. The experiment was full
factorial in its design, i.e., included all combinations
of manipulated vowel and nasal duration. Stimuli
were presented in randomised order in four blocks.
Each block consisted of 49 trials (i.e., all vowel
step/nasal step combinations). Therefore, each
participant completed a total of 196 trials.
Instructions were presented in Djambarrpuyŋu
and English onscreen. The researcher discussed the
task with each participant. Participants were told the
researcher wanted to learn about how Yolŋu (people
of northeast Arnhem Land) listened to sounds in
words. Participants were instructed to listen carefully
and respond thoughtfully but were told that the task
was not a test with right answers.
Participants listened to audio stimuli through
Philips SHL3060BK over-ear headphones. In each
trial, a stimulus was played once. The words /wɐŋɐ/
and /wɐːŋɐ/ were represented visually on screen as
two images (Fig. 2). To indicate their choice,
participants selected the LEFT SHIFT or RIGHT
SHIFT keyboard buttons corresponding to the images
on screen. Image and button order remained the same
over all trials and blocks. Between blocks, a pause
screen invited participants to take a break if they
needed. The experiment took approximately 20
minutes to complete, including preliminary
discussion and breaks. Background noise and
distractions during the experiment existed for all
participants. The researcher could pass a trial if the
participant was not able to respond. While response
times were collected, they are not presented here.

4. RESULTS
Of the 3,724 total responses, 6 responses were
“passed”, 1,378 of the responses were /wɐŋɐ/, and
2,340 of the responses were /wɐːŋɐ/. Responses,
therefore, are skewed towards /wɐːŋɐ/ (63%).
Figure 3 shows the proportion of /wɐːŋɐ/
responses as a function of vowel step (1 having the
shortest duration, 7 having the longest duration).
Individual speaker response frequencies are plotted
by points. There is an s-curve across the seven steps
in the vowel duration continuum. This confirms the
categorical perception of these words by vowel length
for these Djambarrpuyŋu listeners. Vowel step had a
significant effect on response, χ2(24, N = 3718) =
82.47, p < 0.001. Comparisons of steps 1~2, 4~7, 5~6,
5~7 and 6~7 were not significant. All other
comparisons were significant; steps 4~5 and 4~6
p < 0.05; rest p < 0.001. Based on vowel duration, the
category boundary (50% cross-over) for these
Djambarrpuyŋu listeners is around vowel step 3.
Figure 3: Proportion of /wɐːŋɐ/ responses for all
data across all trials as a function of vowel step.

Figure 2: Visual representations of /wɐŋɐ/ “talk”
(left) and /wɐːŋɐ/ “home” (right).

Considering the proportion of /wɐːŋɐ/ responses as
a function of nasal duration (Fig. 4), it is clear there is
not a categorical shift in perception due to nasal step
across the data, though nasal step had a significant
effect on response, χ2(6, N = 3718) = 55.47,
p < 0.001. There is a slight decrease in /wɐːŋɐ/
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Figure 6: Proportion of /wɐːŋɐ/ responses for nasal
step 1 data (full line) and nasal step 7 data (dashed
line) as well as across all data (thin line) as a
function of vowel step.

responses when the nasal duration is at the longest
point in the continuum.
Figure 4: Proportion of /wɐːŋɐ/ responses for all
data across all trials as a function of nasal step.

Figure 5 presents /wɐːŋɐ/ responses as a
function of nasal step for stimuli containing a
vowel at step 1, step 3 and step 7. Comparing the
responses for stimuli which include vowels at the
extremes of the vowel step continuum, listeners
reliably selected /wɐŋɐ/ when presented with a
stimulus containing a step 1 vowel, and conversely
/wɐːŋɐ/ when presented with a stimulus containing
a step 7 vowel, irrespective of nasal step. Step 3
vowel data, as anticipated, represent the
“ambiguous” region in the vowel duration
continuum. In vowel step 3 data, nasal step
significantly influenced listeners’ categorisation,
χ2(6, N = 531) = 27.98, p < 0.001. Post-hoc tests
showed nasal steps 6 and 7 conditioned fewer
/wɐːŋɐ/ responses; 1~7 p < 0.05, 1~6, 3~6, 3~7
p < 0.01.

5. SUMMARY AND DISCUSSION
The aim of this study was to explore how vowel
duration and that of the following consonant are used
in the categorisation of Djambarrpuyŋu words which
contrast minimally by vowel length. Results show
that the categorisation of words as /wɐŋɐ/ or /wɐːŋɐ/
by Djambarrpuyŋu listeners was based primarily on
the duration of the vowel. Overall, the category
boundary in perception appears to be aligned with the
production categories for these vowels [13]. Nasal
duration influenced the categorisation of stimuli
when the vowel was between the durational regions
of the short and long categories. For those stimuli,
nasals with longer duration conditioned more /wɐŋɐ/
(short vowel) responses. This finding concords with
previous research for which additional features or
secondary cues (i.e., nasal duration in the present
study), “are largely ignored unless the primary feature
is impaired in some way” [24]. These results support
the analysis of vowel length in Djambarrpuyŋu being
phonological, while also showing that listeners’
perception is influenced by the duration of the
following consonant.
To better understand the extent to which the postvocalic consonant duration context influences listener
perception, a further experiment could be undertaken
using stimuli created by manipulating a token of
/wɐːŋɐ/. Other questions raised by this exploratory
experiment include: what other cues might listeners
be attuning to in their perception? It is hypothesised
that the alignment of f0 contour may play an
important role as it appears to in production [13]. Do
other vowel-consonant sequences behave similarly,
or is this behaviour limited to a subset of vowels and
consonants? It is clear that further perception research
will be fruitful in ongoing descriptive work on the
phonetics and phonology of the Djambarrpuyŋu
language.

Figure 5: Proportion of /wɐːŋɐ/ responses for vowel
step 1 data (full line), vowel step 3 data (dashed
line), and vowel step 7 data (dotted line) as a
function of nasal step.

Figure 6 presents /wɐːŋɐ/ responses as a function
of vowel step for stimuli containing a step 1 nasal,
step 7 nasal, and across all data. Compared with all
data, stimuli including step 1 nasals resulted in the
category boundary occurring ~0.3 steps earlier than
across all the data, whereas stimuli including step 7
nasals resulted in the category boundary occurring
~0.3 steps later.
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1
Accompanying these vowels there are 25 phonemic
consonants; six places of articulation for stops (two series)
and nasals, as well as two glides, two rhotics, two lateral
approximants, and a glottal stop.
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CUES TO PANÃRA NASAL-ORAL STOP SEQUENCE PERCEPTION
Myriam Lapierre and Susan Lin
University of California, Berkeley
{myriam.lapierre, susanlin}@berkeley.edu

Although the processes in (1-2) ostensibly result
in the same segmental surface form [NT], previous
research has highlighted significant differences between the two types of [NT]s, in both their articulation and the resulting acoustics [9]. In particular,
postoralization (2) appears to be a robust, categorical
phonological process, where the nasal murmur and
oral stop closure are comparable in duration. In contrast, prenasalization (1) is highly variable between
speakers, both in terms of whether it occurs at all and
the relative durations of the nasal and oral components. Furthermore, the duration of the nasal component is significantly shorter in prenasalized oral stops
than in postoralized nasal stops.
This study is the first to test the perception of allophonic [NT]s, such as those arising from shielding. Our goals are to determine (i) whether native
speakers of Panãra can systematically differentiate
between postoralized nasal stops and prenasalized
oral stops when listening to a given [NT] sequence,
and (ii) which acoustic cues listeners rely on in identifying a given [NT] sequence as arising from an underlying /N/ or /T/, and the relative importance of
these cues. While previous work has demonstrated
differences in the relative durations of nasal murmur
and oral stop closure between the two types of [NT]
sequences [9], these differences are highly variable
between speakers. We thus expect that there may
well be other cues that listeners utilize in discriminating these sequences. We hypothesize that these
cues may be found in the acoustic qualities of the
nasal murmur, or the strength of an oral stop burst.
To address our hypotheses, we manipulated speech
from one native Panãra speaker (male, 24 years old at
time of recording) to have varying acoustic qualities,
then presented the audio to other native speakers of
Panãra and recorded their judgments regarding the
lexical item that best corresponded to each stimulus.
In a similar experiment, Beddor & Onsuwan [3]
found that /N-ND/ and /D-ND/ contrasts in Ikalanga
(Bantu) are dependent on both intrinsic and extrinsic cues. Examples of intrinsic cues the authors expected listeners to attend to included the presence of
an oral release burst, signaling the presence of /D/,
and the presence of nasal murmur, signaling the presence of /N/. Coarticulatory nasalization of vowels

ABSTRACT
In the Jê language Panãra, speakers produce two auditorily similar consonant sequences, both of which
may be transcribed segmentally as a nasal-oral stop
sequence [NT], arising from two distinct processes:
prenasalization of oral stops /ṼT/ → [ṼNT], and
postoralization of nasal stops /NV/ → [NTV]. Previous research on these sequences showed that, despite
their segmental similarity, native speakers of Panãra
produce these sequences with systematic acoustic
differences, most prominently the relative durations
of the nasal murmur to the stop closure, but potentially also presence and amplitude of a stop burst and
the quality of the nasal murmur. This study demonstrates that the contrast between the two types of
NT sequences is perceptually robust among native
Panãra speakers, and that all three acoustic cues are
utilized by listeners in disambiguating the underlying representation of these two [NT] sequences.
Keywords: speech perception, Panãra, Jê, prenasalized stop, postoralized nasal
1. INTRODUCTION
In Panãra (ISO code: kre), a Jê language spoken
by approximately 630 people in the Brazilian Amazon, nasal-oral stop sequences [NT] arise through
two distinct processes: prenasalization of underlying
oral stops preceded by a nasal vowel (1), and postoralization of underlying nasal stops followed by an
oral vowel (2).
(1) /p, t, s, k/ → [mp, nt, ns, ŋk] / Ṽ
e.g. /põpõ/ → [põmpõ]
(2) /m, n, ɲ, ŋ/ → [mp, nt, ns, ŋk] / V
e.g. /mĩnɔ/ → [mĩntɔ]
The processes in (1-2) both arise from spreading
of the orality or nasality of a vowel onto an adjacent
consonant, rather than from a consonant onto an adjacent vowel, as is common in languages spoken in
other parts of the world [2, 4, 5, 6, 11]. The postoralization pattern in (2), common in South American
languages, can be understood as a form of shielding,
a phenomenon that renders the contrasts between
phonemically oral and nasal vowels maximally distinct [7, 12, 13, 14].
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one male speaker of Panãra in the Panãra village of
Nãnsêpôtiti. He produced five repetitions of each
target word embedded in the target carrier phrase.
(3)
a. /pa/ → [pa ∼ mpa]
(arm)
b. /pã/ → [pã ∼ mpã]
(owl)
c. /ma/ → [mpa]
(liver)
d. /mã/ → [mã]
(emu)
The eight series constructed from this speech are
summarized in Table 1. We selected one repetition
of /pa/ [pa] and one repetition of /mã/ [mã] to serve
as the base for series 1 & 3 and 2 & 4, respectively.
These acoustic tokens were selected on the basis of
maximizing auditory naturalness and consistency in
the prosody of the target word and preceding verb.
We selected two base tokens rather than one in order to test our hypothesis that the quality of the nasal
murmur would affect listeners’ perceptions. In Series 1 & 3, we spliced in nasal murmur cut from one
designated /ma/ [mpa] production, and in Series 3 &
4, the nasal murmur comes from the /mã/ [mã] already present in the base sentence.
To test our hypothesis that listeners would differentiate between underlying /N/ and /T/ based on differences in duration of nasal vs. oral components, we
varied the relative duration of the nasal stop murmur
and oral stop closure. First, we normalized the target consonants [p] and [m] in these two selected base
recordings to approximately 160ms, by cutting or repeating sections of the waveform. For Series 1 & 3,
we replaced 40ms of silence at the beginning of the
oral stop duration with 40ms of nasal murmur per
step. For Series 2 & 4, we replaced 30ms of nasal
murmur at the end of the nasal stop duration with
30ms of silence per step. This procedure resulted in
uneven numbers of steps – Series 1 & 3 have 5 steps
while Series 2 & 4 have 7 – but the end points are
consistent: 0ms nasal murmur and 160ms stop closure vs. 160ms nasal murmur and 0ms stop closure.
To test our hypothesis that nasality or orality of
the vowel following the target [NT] would affect listeners’ perceptions, we included both oral and nasal

surrounding the consonants, on the other hand, is
considered an extrinsic cue. For the Ikalangan /NND/ contrast, they found that the extrinsic cue was
both necessary and sufficient for native listeners to
distinguish between the consonants, but the intrinsic
cues alone were insufficient [3]. In contrast, for the
/D-ND/ contrast, exactly the opposite was true – intrinsic cues alone were sufficient to cue the /D-ND/
contrast, while extrinsic cues were unnecessary.
We predict that Panãra listeners will be able to
reconstruct an underlying /N/ or /T/ from a surface
[NT] sequence, i.e. that the contrast between prenasalized oral stops and postoralized nasal stops is
not (yet) perceptually neutralized. Specifically, we
predict that the following acoustic cues will affect
listeners’ perceptions of [NT] as either /N/ or /T/:
1. The relative duration of the nasal and oral components, where greater ratio of nasal murmur
increases /N/ responses;
2. the source of the nasal murmur, where nasal
murmur extracted from a plain nasal [N] increases /N/ responses; and
3. the presence or absence of a release burst,
where absence of burst increases /N/ responses.
Panãra differs critically from Ikalanga in that oral
vs. nasal vowels in Ikalanga are not contrastive [10].
We therefore further predict that our results will differ from Beddor & Onsuwan’s [3] in that Panãra listeners will rely more heavily on the intrinsic cues,
such as the presence of an oral release burst, over
extrinsic cues, such as the quality of the following
vowel. To test this, we manipulated the oral vs. nasal
quality of the vowel following the [NT] sequence,
and predict that listeners will be more likely to perceive [NTṼ] as being underlyingly /TṼ/.
2. METHODS
To test our hypotheses, we prepared eight series
of stimuli representing words of the shape /TV/,
/TṼ/, /NV/, and /NṼ/, presented in the carrier phrase
[kjẽhẽ kasũ X] (I say the word X ), where X is the
target word. This carrier phrase crucially places
the target /N/ and /T/s in the context of a preceding nasal vowel, creating the environment required
for prenasalization (1). Stimuli were randomized
and played for native Panãra speakers in a 4-option
forced choice perception task.

Series
1a
1b
2a
2b
3a
3b
4a
4b

2.1. Stimuli

Due to phonotactic and lexical constraints in Panãra,
and the desirability of using real Panãra words, we
focused on a single minimal-quadruple, presented in
(3). The original acoustic items were recorded by

Vowel

Murmur

Closure

[mpa]

[pa]

[mã]

silence

[mpa]

[pa]

[mã]

silence

[a]

[ã]

Burst
no
yes
no
yes
no
yes
no
yes

Table 1: Acoustic parameters of the 8 series, including quality of following vowel, source of nasal
murmur, stop closure, and presence of burst.
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Some participants’ responses appeared to be random, and not conditioned by the acoustic manipulations present in the stimuli. In order to determine
which participants fell into this category, for each
stimulus item, we defined a set of ‘error’ responses to
be any response that made up less than 10% of the total responses for that stimulus. Then, for each participant, we calculated his or her proportion of ‘errors’,
and the full set of data from any participant with
greater than 10% ‘error’ rate was excluded. This procedure resulted in the removal of six female participants, whose ‘error’ rates ranged between 11%-38%.
The final pool of participants whose data were analyzed was 30 participants, 13 female and 17 male.

vowels in the manipulation. As outlined in Table 1,
Series 1 and 2 have the oral vowel [a] from [pa], and
Series 3 and 4 have the nasal vowel [ã] from [mã].
Finally, to test the effect of oral stop bursts in underlying /N/ or /T/ perception, from each of the four
Series described above, we created two series, such
that every stimulus item in (a) Series contains no
oral stop burst between the end of the consonant and
the onset of the following vowel, and every stimulus
item in (b) Series contains an audible stop burst.
2.2. Participants and procedures

Perception data was collected in the village of Nãnsêpôtiti from 36 native listeners of Panãra (17 male)
between the ages of 16 and 40 (mean age=25). The
intent to conduct an experiment was presented to
community leaders who spread the word. Individuals who were interested presented themselves at the
researcher’s house to participate.
During the task, participants were presented with
laminated physical printouts of the four photos
shown in Figure 1, each representing one of the target words in (3). Prior to commencing the task, participants were asked to name each picture. The task
did not begin until they had pronounced each one of
the target words to confirm their knowledge of the
lexical items and intended phonological form.

3. RESULTS & DISCUSSION
3.1. Relative duration & source of nasal murmur

Participants listened to stimuli through a pair of
semi-open circumaural headphones (AKG K240 studio) one at a time, and pointed to the image representing the word they heard. They were free to
ask the researcher to repeat the recording as many
times as they wished before providing an answer.
Each stimulus item was repeated 5 times, in semirandomized blocks. Participants were compensated
at the conclusion of the experiment1 .
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Figure 1: Visual stimuli.

Source of Murmur
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Proportion /m/ responses

1.0

As predicted, listeners’ perception of the stimuli varied by the relative duration of the nasal murmur compared to the stop closure. As shown in Figure 2,
whether the following vowel was oral (triangles) or
nasal (circles), and whether the nasal murmur was
derived from a plain nasal [m] (dashed lines) or postoralized [mp] (solid lines), as the relative duration
of the nasal murmur in the [NT] sequence increased,
the proportion of /m/ responses rose.
In Series 1 & 2, the preceding vowel was nasal
and the following vowel was oral (/Ṽ_V/), resulting
in a licit phonotactic environment for both prenasalization of /pa/ and /pã/, and postoralization of /ma/.
It is thus unsurprising that responses vary by nasal
murmur duration to the extent that they do, as that
duration appears to be a consistent distinction made
by native Panãra speakers during the production of

Following Vowel

●

0.0

●

●

●

0.0

0.2

0.4

0.6

0.8

[a]
[ã]
1.0

Proportion nasal murmur duration

Figure 2: Proportion of /m/ responses, by source
of nasal murmur and following vowel.
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the /m/ vs. /p/ contrast in this environment [9].
On the other hand, in Series 3 & 4, both preceding and following vowels were nasal (/Ṽ_Ṽ/), resulting in a phonotactically illicit environment for postoralization. Thus when the duration of nasal murmur is long and the source of murmur is plain [m],
the proportion of /mã/ responses is very high and the
proportion of /pã/ responses correspondingly low. It
is interesting to note that when the source of nasal
murmur is a postoralized /ma/ [mpa], listeners cross
over later in the series than when the source is /mã/
[mã], and listeners do not perceive the 100% nasal
murmur endpoint of Series 3 as /m/ 100% of the
time. This modulating effect of the source of the
nasal murmur is significant regardless of whether
the following vowel is nasal (p = 0.0209) or oral
(p = 0.0491). Here and elsewhere, comparisons
were made using a mixed effects logistic regression
model, with speaker as a random factor [1].

One interpretation of this result is that when the
murmur is from /mã/ [mã] but is followed by an oral
vowel (Series 2), the presence or absence of an audible stop burst has a reduced effect because ,even if
the listener perceives the sequence as [mp], listeners
are likely to attribute any evidence of [p], including
a burst, to postoralization. On the other hand, when
it is followed by a nasal vowel (Series 4), the presence or absence of a burst becomes the primary cue
for the presence of an oral stop, and if that stop is
perceived, the only phonotactically licit choice for
listeners is prenasalized /pã/.
4. CONCLUSION
This paper presented the results of a perception experiment testing the cues to which native Panãra listeners attend in identifying a surface [NT] sequence
as arising from a prenasalized oral stop /T/ (1) or a
postoralized nasal stop /N/ (2). Our results suggest
that listeners’ responses are dependent on all manipulated acoustic cues. Longer nasal murmurs resulted
in greater /N/ responses, as did the lack of an oral
release burst and the presence of nasal murmur derived from /mã/ [mã]. The oral vs. nasal quality of
the following vowel interacted with these findings:
when the target consonant was followed by a nasal
vowel, the presence of an audible burst appeared to
be a more important cue to identifying the underlying
representation than the quality of the nasal murmur.
The results of our study are complementary to
those of Beddor & Onsuwan [3]. Given that Panãra
vowels contrast nasality while Ikalanga vowels do
not, we predicted that vowel quality would not serve
as an extrinsic cue for Panãra speakers. Furthermore,
voiceless stops are associated with a more prominent
release burst and a relatively longer oral component
than voiced stops [15], and we therefore predicted
that the oral release burst would be a more prominent
perceptual cue for Panãra speakers than for Ikalanga
speakers. These predictions are borne out by our results, which suggest that the intrinsic cues (e.g. duration of nasal murmur or presence of oral release
burst) are vital to /N/ vs. /T/ perception, while the extrinsic cue of vowel nasality is of consequence only
to the extent that listeners use it to rule out phonotactically illicit sequences. These results are consistent
with predictions by Kaplan [8] and Stanton [12].

3.2. Stop burst & following vowel nasality
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It is also not very surprising that the presence of a
burst resulted in a greater proportion of /p/ responses
in all four series. As shown in Figure 3, whenever a
burst was present (black lines), listeners required a
greater proportion of nasal murmur to perceive /m/
compared to when the burst was absent (gray lines).
When the origin of the nasal murmur was from postoralized /ma/ [mpa], the effect of the burst was significant but moderate (Series 1: p < 0.0001; Series
3: p < 0.0001), and roughly equivalent regardless
of the nasality on the following vowel. In contrast,
when the origin of the nasal murmur was /mã/ [mã]
(Series 2 and 4), the effect of the burst interacted with
quality of the following vowel. In particular, this effect is not significant in Series 2 (p = 0.0930) where
the following vowel is oral, and is pronounced in Series 4 (p = 0.0006), where it is nasal.
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Participants received 83 grams of Czech beads as compensation for taking part in the experiment. Note that
this type of remuneration was chosen at the request of the
community. The economic system in use inside the Panará Indigenous Land is mostly dependent on trade, and
monetary transactions are virtually absent inside the vil-
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ABSTRACT
Collecting data from understudied languages is a
vital enterprise that enriches our knowledge of the
nature of human language. Accomplishing this with
in-person visits is invaluable, but there is an urgent
need for more data, and a limited number of linguists
with the training and resources to conduct field work.
In this situation, online experiments provide a
powerful supplementary tool for linguists and
fieldworkers studying underdocumented languages.
Specifically, we show how, rather than supplanting
fieldwork, online experiments allow for expansion of
field work with pre-visit pilots and follow-up
experiments. We argue they are a helpful tool in
creating and enhancing global collaborations between
field linguists, members of understudied language
communities, and linguists without field training. We
also provide solutions to common challenges of
implementing online experiments on under-studied
languages. We show as an example our experiment
on "stress deafness," implemented in Medʉmba, a
language spoken in Cameroon.
Keywords: Underdocumented Languages, online
methodologies, speech perception, Medʉmba.
1. INTRODUCTION
It is in the interest of all linguists to build their
conception of human language based on data from a
wide variety of languages, but data and scholarship
remains concentrated on a small number of wellstudied languages. A major barrier to having equality
of representation among the world’s languages is a
lack of resources: traveling to and staying in places
where underdocumented languages are spoken for the
duration of time necessary to conduct research can
often be expensive, even if the linguist is native to or
resides in the country where the language is spoken.
One solution to this problem is to supplement inperson visits with online experiments. Compared to
an in-person visit, online experiments are faster to
implement, less expensive, and more scalable. Let us
be perfectly clear: in our view online experiments are
no substitute for a visit from a trained field linguist.
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We nonetheless believe they are an invaluable tool for
researching understudied languages for four reasons.
First, online experiments allow for expanding the
timeline of a field study. Rather than concentrating
experiment development and data collection during a
field visit, linguists can conduct pilot studies before a
trip, fine-tuning their materials so as to make their
time in the field maximally productive. Online data
collection can also be used for follow-up studies after
a trip if difficult circumstances arise and data
collection is not completed, or additional measures
are needed. Online experiments also provide a source
of pilot data for grant proposals for linguists
interested in conducting future in-person fieldwork.
Second, online experiments are easily spread
through email, text, or social media, and allow
linguists to connect with many more speakers, or
connect from afar. A link to a survey can be
distributed, and participants can then easily forward
the link to friends or relatives. Furthermore, using an
online interface it is possible to run many subjects
simultaneously, either in person (e.g., a group of
participants in an internet café) or remotely.
Third, because building online experiments is
easily taught and requires relatively few resources, it
allows for the participation of a larger population of
researchers. For example, many open source surveybuilding platforms come with easily accessible,
highly detailed instructions for those with even
minimal experience. Moreover, online methods may
promote collaboration and pooling of resources
among linguists of different backgrounds with
varying access to training opportunities. The ability
to create and edit surveys from anywhere in the world
means that research partners from different
institutions across the globe can help one another to
fine-tune experimental design. This is useful in the
case of understudied languages, as access to
knowledge and training may be a challenge for local
communities where such languages are spoken.
Lastly, one powerful reason these experiments
are helpful is that by simplifying data collection, we
can begin to collect substantial data on a more diverse
range of languages. In other words, this type of data
collection is simple enough that a “sample of
convenience” need not be restricted to western

taught using one or two informants from a language.
An online experiment could allow students in such a
class to get judgements and input from more speakers,
possibly highlighting points of dialect variation
which allow for a more nuanced linguistic analysis.
Another particular strength of experiments is in
collecting perception measures or judgements on
finely controlled stimuli, which is not possible in an
interview setting or in typical conversation.

university students, but instead can attempt to reflect
the diverse languages of the world.
2. IMPLEMENTING AN ONLINE
EXPERIMENT IN A FIELD SETTING
2.1. Identifying possible studies for online
experiments.

It is clear that many types of data collection are not
possible remotely. Any study which must involve a
researcher (e.g., a study with equipment that requires
training, a study that involves interaction with the
researcher) will not be possible to implement.
Geographical restrictions exist too, as areas where
internet access is scarce or expensive will not be ideal
candidates for an online experiment. However, there
are many research areas where internet use is
widespread, and there is a subset of research
questions that can be addressed with data collected
from questionnaires. As a general rule, anything that
can be formatted as a questionnaire can be
implemented as an online survey (e.g.
grammaticality/acceptability judgements, cloze tests,
garden path reading tests). When audio files are
added as part of the survey, this capacity is increased,
as listeners are able to make judgements on heard
speech, and so can perform many linguistic tasks
targeting speech perception (a categorical perception
task, matched guise task, judgements of tone and
intonation, working memory tasks, etc.).

2.3.2. Creating stimuli and instructions
Creating stimuli in underdocumented languages may
be challenging or impossible if no native speakers are
available to record or write stimuli. Audio recording,
may help in some cases. Platforms such as JotForm
enable remote audio recording without the need for a
speaker to have recording equipment of their own
(other than a computer). Care must also be taken in
the development of experiment instructions such that
they are easily interpretable by study participants.
This is particularly true for languages which are not
written or use orthographies that are not widely
taught. In such cases, pictures of the orthography
may be used where type symbols are not displayed
properly, or a lingua franca can be used for written
instructions. Alternatively, it is possible to develop
auditory instructions (i.e. a set of recordings of the
instructions that participants can play to themselves),
rather than written ones. This is a useful option in
situations where speakers may not be able to read in
the language under study or a lingua franca.

2.2. Implementing the experiment itself

2.3.3. Paying participants

Creating an experiment is as easy as creating a short
online survey. Survey platforms (e.g. Qualtrics,
Googleforms, SurveyMonkey, Typeform), typically
provide the ability to know where a participant
participated from, how long each question took, and
immediate feedback based on participant answers, as
well as step-by-step instructions on how to build and
experiment. We will focus here on providing general
information on some of the most common concerns
linguists who are new to online experiments (or new
to implementing them in field locations) might have.

Paying participants may be difficult depending on the
institutional funding source, but we have found it to
be possible in the form of an honorarium given to a
local assistant, who further distributed funds to other
participants. Amazon Mechanical Turk (AMT) is
another option for payment. AMT provides an online
bulletin board of tasks which workers can sign up to
do [for more information see 1,2]. The workers may
be located anywhere in the world, and so participants
could be paid through this interface if funding
regulations allow it. Of course, it is important to
make sure participants are paid enough to cover their
time, and it may also be necessary to compensate for
smartphone data usage depending on the study.

2.3. Common concerns
2.3.1. What is the value of experimental data for the
field linguist?

2.3.4. Research permits, institutional approval, and
data storage

We do not claim that experiments are better than other
methods of research, or that all field linguists should
become experimentalists, but for many linguists there
is value in using an experiment to test a narrow
question in a controlled way as part of a larger study.
For example, field linguistics as a course is often

As with in-person data collection, it is often necessary
for a researcher to obtain permission to conduct their
work from local government, especially if they are
not from the community where the language is
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English, f0 and duration [6] to cue tonal patterns.
Tone in Medʉmba is also ‘unrestricted’, in that
neither high nor low tones (which make up the
Medʉmba tonal inventory) must occur in specific
positions within a word. Thus, tone assignment has
the same sort of unpredictability that stress
assignment has in languages like English or Dutch.
Different from stress-based languages, however, is
the fact that high tones in Medʉmba are associated
with shorter duration, not longer duration [6,7,8].
If Medʉmba speakers are “stress deaf”, in a word
discrimination and memory task we predict high
performance for minimal pairs of words that differ by
phoneme, but low ability to discriminate minimal
pairs that differ by stress location, and even lower
ability if the pitch cue to stress is removed. If instead
Medʉmba speakers are sensitive to stress, we should
see above chance performance across all conditions.

spoken. While it may be easier to conduct web-based
research without such permissions, we stress that
web-based research should be treated no differently
from in-person data collection as far as such ethical
issues are concerned.
For individuals collecting data outside of their
home country, we have found that an institutional
review board may require additional information
about the local situation in order to approve the
experimental setup. As with any sort of international
project, institutional review boards will require
translated consent forms and subject recruitment
language (e.g. social media posts or emails used for
recruitment) and may also require the completion of
a certificate in creating ethical online experiments.
Of course, care must be taken in how data is
stored to protect personally identifiable information.
This is easily done in an online study, because data
can be stored in a remote server at the home
institution. This also removes worries about backing
up or losing data during a field visit.

3.2. Situation of Medʉmba

Medʉmba is Grassfields Bamileke Bantu language
spoken in (Francophone) Western Cameroon. There
are an estimated 210,000 speakers, many of whom are
multilingual (typically in French and one or more
other Cameroonian mother tongues). Cameroon —
along with Nigeria, Sudan, and Ethiopia — is
reported to have one of the highest language mortality
rates in Africa [9,10]. Internet and smartphone use is
widespread and growing in Cameroon, with one
estimate of the internet penetration rate at 35%. [11]
Approximately 75% of Cameroonians have a mobile
phone, with 40% of those being smartphones. [11]

2.3.5. Technical problems
Software exists to create complex experiments online
(e.g. Psychopy, JsPsych, Psytoolkit, Testable,
Labvanced, Pebl, Finding Five) and linguists with
programming experience may be able to program
their own experiments. However, coding an
experiment that will work on any device, on any
browser, is no small task. For cases where a
researcher is not present to provide technical help, it
may be advantageous to choose one of the many
survey programs available rather than programming
an experiment. It is crucial to test the experiment in
the local setting to make sure that it loads correctly.

3.3. Method

3.3.1 Stimuli

3. EXAMPLE EXPERIMENT: STRESS
DEAFNESS IN SPEAKERS OF MEDɄMBA

The procedure followed [3], Experiment 3, though it
is not an exact replication. Participants are presented
with disyllabic noncewords differing in either a
segmental phoneme or in the location of stress and
asked to identify which word they’ve heard by
pushing a button they’ve been trained to associate
with that word. The task included three conditions: 1)
the PHONEME condition, in which participants chose
between the words /miga/ and /miba/, which differed
only in the place of articulation of the third segment;
2) the STRESS condition, in which the choice was
between KIga or kiGA, which differed in the
placement of stress on either the initial or final
syllable; 3) the STRESS-PITCH FLATTENED condition,
where the same words from the stress condition were
presented but with their pitch flattened to 150 Hz
using PSOLA in Praat [12]. The words were recorded
by a male native speaker of English and each uttered
6 times to incorporate some phonetic variability as

3.1. The Current Experiment

Our experiment investigated the phenomenon of
‘stress deafness’, or the tendency for speakers of
some languages to be unable to report the location of
word stress in a second language. The main
theoretical issue lies in identifying what it is that
makes these speakers “stress deaf.” Past experiments
have suggested that the presence or predictability of
lexical stress in the L1 are key factors [3,4]
The classic experiments on stress deafness test
French speakers on their ability to locate stress in
English words, and French speakers are found to be
“stress deaf.” Medʉmba speakers make an interesting
test case because unlike French, Medʉmba has no
acoustic evidence of stress [5]. However, as a tonal
language Medʉmba uses two key markers of stress in

317

who are not. This holds even when controlling for the
slightly higher overall error rate in our experiment.

was present in the original study by [3]. For the stress
condition, words were uttered both phrase-medially
and phrase finally, in order to incorporate some level
of pitch variability; three tokens from each prosodic
position were used. All words were non-existent but
phonotactically licit words in Medʉmba both from a
segmental and tonal perspective. Recordings of words
were concatenated before a recording of a different
male speaker saying ‘OK’ to ensure that judgments
did not rely on echoic memory [13].

Proportion Correct
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Length
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3_word
4_word

0.6

0.4

3.3.2 Online study design
0.2

An online survey was built using Qualtrics survey
software. Participants were recruited by email, phone
and social media using connections formed by
previous research and personal connections to the
language community. Participants first read a
consent form and consented to the experiment. For
the first block, the phoneme block, they were given
eight two-word practice trials with feedback. They
had to answer correctly on all training trials before
moving to the main task within the experimental
block. After training, they proceeded through three
sets of trials, with first two, then three, then four word
sequences consisting of a mix of the words they were
trained on (e.g. the sequence miga miba miba for a
three-word trial). This procedure (including training)
was then repeated twice, once for the stress condition
and once for the stress-pitch flattened condition. We
report data from 16 participants from towns near
Bangangté, where Medʉmba is primarily spoken.

Phoneme

Stress

Stress_PF

condition

Figure 1: Proportion of correct responses by
stimulus length and condition. Error bars represent
95% confidence intervals.
3.3. Conclusions of our experiment.

Overall, our data show that Medʉmba speakers are
less good at detecting words that differ in stress
compared to words that differ in segmental
phonemes, and that removal of pitch variation poses
additional difficulties in stress perception and
memory. Compared with results from prior studies on
French and Spanish speakers, Medʉmba speakers
show an intermediate pattern of stress deafness, but a
pattern closer to ‘stress-deaf’ French speakers than to
Spanish speakers. Of course, there were some
differences in the stimuli used in previous studies, so
we will need to examine how speakers of languages
like French and Spanish do on our experiment before
drawing any strong conclusions. Thus far, however,
our results support earlier findings that the
phenomenon of stress deafness is linked not only with
(un)predictability of the location of lexical stress and
lexical tone [3,4], but also with the acoustic correlates
used to cue stress or tone in a language [15].

3.3. Results

Results are shown below in fig. 1. Data were analysed
using mixed effects logistic regression in the lme4
package for R [14]. The model included fixed effects
of condition (3 levels) and sequence length (3 levels)
and their interaction, as well as by-subject random
slopes for each factor. These categorical variables
were both sum-coded. There were significantly more
errors as the stimulus length increased (β = .808; t =
7.79; p < 0.001). Furthermore, there were
significantly more errors made in the stress condition
than in the phoneme condition (β = .285; t = 2.02; p <
0.05), and even more errors made in the stress-pitch
flattened condition than in the plain stress condition
(β = .285; t = 2.01; p < 0.05). Error rates in the two
word stress condition averaged 11%, and then jumped
to 28% for 3 word sequences, and 43% for 4 word
sequences. Comparing our results from the stress
condition to those from [3], Experiment 3, error rates
were more comparable to those found for speakers of
French (29%; 28%; 59%), who are labelled ‘stress
deaf’ than for speakers of Spanish (0%; 4%; 10%),

4. GENERAL DISCUSSION
We highly recommend online experiments as a tool
for researching understudied languages. We believe
they are an excellent tool for creating broader
collaborations and collecting more data with fewer
resources. The implementation of our experiment has
enabled us to connect with potential future
informants, and plan future research. Our results also
challenge the neat classification of speakers into
categories of stress-deaf or not stress-deaf based on
previous studies. This supports one of our goals as
field linguists, namely to ensure that theories of
language account for the variability in the world’s
languages.
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ABSTRACT

sentiment that the teaching and learning of English
intonation is difficult [10: 2], it would also seem
likely that there would be a good deal of variation in
usage in Britain. With the passing of nearly half a
century since [7], we seek to describe the patterns in
modern British English, which even in the South are
likely to have departed somewhat from textbook
‘Received Pronunciation’ (RP).
We outline our methodology for obtaining
production data for both accents in a highly
controlled storytelling routine, and present our
findings. We predict significant differences in the
choice and realisation of intonational contours
between HKE and BrE, and likely also between BrE
and textbook RP.

This paper contributes data towards a phonological
description of intonation in Hong Kong English
(HKE), an emergent, ‘nativising’ but underdescribed variety of English spoken primarily as the
second language of L1 Cantonese speakers. We
demonstrate choice and realisation of nuclear tones
for ten HKE-speaking and ten British English (BrE)speaking university students. All speakers were
recorded undertaking a storytelling task in which
different nuclear tones are canonically associated
with different types of utterance, e.g., yes/no
question and sarcastic statement. New BrE data not
only provide a point of comparison, but also
demonstrate ways in which form and function of
contemporary BrE prosody have changed since the
textbook descriptions of the last century. Greatest
disparity between the groups is found for ‘tag’
phrases such as in checking, and in the paralinguistic
use of rise-fall. Production of target contours ranged
from 64 to 86% for the BrE cohort, 43-71% for
HKE.

2. METHOD
20 speakers aged 19-34 years were recruited, 10
from the Chinese University of Hong Kong (1 male)
and 10 from the University of Reading (1 male).
This group formed a subset of those who had
participated in a related perception study [6]. The
British students all spoke English as first language,
predominantly standard Southern British English.
The Hong Kong students had all learned English as
L2 since childhood, but varied in their facility with
L2 English, as reflected in their varied experience of
living abroad and their different levels of attainment
in English in the Hong Kong Diploma of Secondary
Education Examination. This assessment did not
necessarily reflect their competence in matters of
pronunciation. The Hong Kong students were all
native speakers of Cantonese; languages other than
English were reported for these participants,
including Mandarin and other Chinese languages.
None of the informants reported speech or hearing
impairment.
Each speaker was presented with a series of 28
sentences which together formed a short ‘ghost
story’ narrative about two brothers investigating a
mysterious sound in the night. The construction of
each sentence promoted one position for the nucleus
to be placed, e.g. ‘Is it some kind of a...*monster?’
(asterisk indicates the word considered to be most
prominent).
The participant was able to repeat his/her
rendition of the story as desired. HKE recordings
were made on a Zoom H2 solid state recorder with
internal microphone. BrE recordings were made on a
Roland Edirol R-09 solid state recorder using a Rode

Keywords: intonation, production, tones, English
1. MOTIVATION
The intonation of English (and of many languages)
is notoriously difficult for the L2 speaker to acquire,
and is typically neglected in the teaching of English
as a foreign language. At the same time, emergent
varieties of post-colonial World Englishes such as
Hong Kong English (HKE) develop their own
prosodic grammars, predominantly influenced, it is
assumed, by features of an L1. In the case of HKE
we expect to find the influence of Cantonese, along
with British and North American varieties of
English, in the prosody as in other areas of the
grammar. Here we document aspects of HKE
nucleus placement and toneme choice based on a
recent set of recordings.
Such a description calls for a reference grammar
of British English (BrE) intonation. While such
descriptions abound ([7], [2]) they are notoriously
complex: for example, a nuclear fall-rise (‘the
switchback’) is listed in [7: 170] with a variety of
paralinguistic meanings, contingent on linguistic
context, such as ‘grudgingly admitting’ in
statements, but ‘greatly astonished’ in echo
questions. Not only does such complexity bolster
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Lavalier lapel microphone. All recordings were
sampled at 44.1 kHz with a 16 bit rate.
For each sentence, a particular nuclear tone or set
of alternatives was considered to be canonical,
following a reading of the passage by the third
author, and standard descriptions of British English
([3], [6]). The task sought to elicit level tones (for
continuation) and moving tones (for different
communicative interactions) including the rarer,
pragmatically-nuanced rise-fall. Some nuclear
syllables were sentence-final; mostly there was a
tail. Table 1 shows the number of sentences for each
type, and the expected tone or alternatives. It will be
apparent that there are fine-grained distinctions, such
as ‘statement question / echo’ which is at the same
time a syntactically unmarked question and an echo
of a statement, ‘statement question’ which is not
echoing, and ‘echo’ which stands for a phrase (not a
full sentence) such as ‘A *monster?’. Two kinds of
sarcasm are differentiated; a fall, whilst acceptable
in the first, would not have communicated the
sentiment in the second, where the nucleus comes
early in the sentence. ‘Checking’ refers to semantic
context (“I *hope it will”), while ‘checking tag’ is a
final “*do you?”. Thus each utterance type can
represent a combination of syntactic, discoursal and
pragmatic functions. For simplicity we focus on the
shape of the tonemes, not distinguishing e.g. high
fall and low fall. As a first step we make the
assumption that one (and only one) syllable is
identifiable as nuclear in each utterance, for HKE
just as we might expect for BrE. We start from an
agnostic position with regard to variation in the
HKE productions and their deviation from BrE; thus
we refer to 'target forms' irrespective of their status
as targets.

rise. A high degree of agreement was found with the
second author’s independent analysis when such cue
trading was accepted, and full agreement was
reached when the most problematic examples had
been jointly reconsidered. Data were tabulated for
numerical analysis.
3. RESULTS
Taking the grammar-book tones to be the gold
standard, we see a clear, predicable disparity
between the two cohorts (Fig. 1). The BrE speakers
did not always produce the target forms: ‘success’ of
individual speakers ranged from 64 to 86% (mean
71%); for HKE this range was 43 to 71% (mean
55%).

Tokens
3
3
2
1
3
3
3
3
2
1
2
1
1

70

HKE

BrE

The overlap shows that the ‘best’ of the L2
speakers has outperformed the ‘worst’ of the L1
speakers. We cannot rule out the possibility that this
reflects, in some measure, the limitations of
experimental design, i.e., that in a reading task some
L1 speakers may be more constrained in their
intonational expressions than in spontaneous
discourse. Additionally, participants may be misled
by their reading; for example, the sentence “Would
you, now?” with comma by orthographic
convention, elicited two intonation phrases in HKE.
However, such a design makes it relatively easy
to control and predict intonation patterns; and had
the elicited speech been less formalised, we might
not have expected to find the ‘textbook’ tones of e.g.
[7] and [12] at all. For example, statements in
dialogue are now regularly produced with a high
rising terminal, a phenomenon which originated
outside the British Isles and which is found in many
varieties of World Englishes [11] including HKE
[9], but was not in evidence in either of our datasets.
Table 2 summarises the choice of tones, with
mean values for all speakers within each language
group. We discuss the most apparent departures
from the (shaded) canonical forms. Frequencies are

Table 1: Structure of storytelling task.
Utterance type
statement
continuation
statement question
statement question/echo
echo
yes/no question
wh-question
closed tag
open tag
checking tag
sarcasm 1
sarcasm 2
checking

60
50

Percentage 'correct' forms

80

Figure 1: Production of target forms.

Expected tone(s)
fall
level
rise
fall-rise / rise
fall-rise / rise
rise
fall
fall
rise
rise
rise-fall / fall
rise-fall
fall-rise / rise

An f0 trace can be sketchy and misleading for our
purposes due to e.g. aperiodic segments, varying
modality, octave jumps and other technical errors.
Therefore recordings were analysed by ear by the
first author (native speaker of British English), and
only scrutinised acoustically, in Praat [1], to provide
objectivity in cases of uncertainty. Fall-to-mid was
categorised as fall-rise; creaky voice was taken to
imply a rise: thus fall-to-creak also stood for fall-
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averages, given in percentage form for ease of
comparison with other studies.
A level tone is canonical for continuation, but
here we find that we are as likely to encounter a fall
both in HKE and BRE. As such, we cannot claim
that HKE speakers are falling short of a target if our
BrE speakers are representative (Fig. 2). We see no
clear single preference between level, fall and fallrise for BrE here.
Table 2: Nuclear tones for all speakers (%).
Shaded cells indicate canonical target(s).
fall
statement
continuation
st. question
st.ques. / echo
echo
y/n question
wh-question
closed tag
open tag
checking tag
sarcasm 1
sarcasm 2
checking

HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE
HKE
BRE

97
93
47
40
10
5
20
10
13
3
20
13
77
93
37
90
65
5
30
10
60
90
60
80
10

rise

10
3
70
15
30
10
47
37
50
23
13
40
3
10
95
70
100
35

10

fallrise
3
3
27
15
80
50
80
27
57
23
64
3
3
10
3
15

15
5
20
10
90

risefall
3

level

other

3
40
30
5

13
3
7
7
3
5

7
3
5

7

40
35
10
20

Figure 2: Tone choice in continuation.

rise as the popular choice for BrE in the open and
checking tags.
Typologically, Cantonese is a language with
lexical tone. Whilst it has intonation, this is
considered less central to attitudinal and discourse
meaning, for which it makes use of a rich inventory
of sentence-final particles [5]. We would therefore
predict that the target rise-fall to indicate sarcasm
would not be used by the HKE speakers. In general
this was what was found, except for one sentence
(“Of *course it is”) where 7 out of 10 HKE (only
4/10 BrE) produced a rise-fall. Since we also find an
HKE speaker producing rise-fall for a simple
statement it could be that this arises where peak
alignment is late. More likely is that this is a strategy
for indicating an extra degree of stress. This finding
tallies with previous examination of HKE [9], and
possibly also with Singapore English [4]. While this
contour is laden with paralinguistic implications in
BrE, it stands to reason that it might be reassigned in
World Englishes.
On the same grounds, we do not expect to find
open or closed tag to be in evidence in HKE, and
this is borne out by the failure of a larger group of
HKE speakers, including those in this study, in a
perception experiment, to select the appropriate
nuclear tone for tags [6]: 90% BrE listeners selected
the expected rise for open tag, versus only 14%
HKE listeners, while the majority of the HKE
listeners selected either fall or level. Indeed, in the
present study the BRE speakers hardly failed to
produce the expected rise in open tags, whereas we
find a full range of tone choices for HKE (Fig. 3).
Similarly, there is no clear preference for the
production of a closed tag in HKE: for these
speakers it appears not to be a distinct category. The
7% ‘other’ contours took the form of rise-fall-rise
with two turning points. It would be interesting to
further investigate the use of this contour.
Figure 3: Tone choice in open tag.

It is most noteworthy that HKE unambiguously
chooses the canonical rise for a statement question,
for which BrE shows no less a preference for fallrise, also where statement question doubles as echo
and rise might canonically have been chosen. Our
preliminary conclusion is that HKE has retained this
aspect of colonial English, and that BrE has
subsequently innovated. It may be that the additional
turning point in fall-rise is a powerful cue to a
question in BrE. In our experiment we only observe

Production of a rise for a checking tag was
evidently unproblematic for HKE; while this is a tag,
it is clearly a question expecting a yes/no response,
so it has probably been interpreted as such. One
assumes that utterances which BrE would label
‘questioning tags’ are subsumed under ‘question’ in
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HKE. Both cohorts produce the canonical tones for
echo.
The nuclear tone was not always realised in the
prescribed location, but misplacements by BrE
speakers were not likely to have altered tone choice.
On the other hand, all HKE placed the stress on the
final word of “I *hope it will”, where the target fallrise for checking would not then be expected.
Experiments of this type are prone to such a
sequential problem, which resurfaced in almost all
HKE in “of *course it is”, where the second verb
was again given the prominence, and hardly likely to
then bear a sarcastic rise-fall. An alternative analysis
would omit misplaced tones and boost scores for
HKE, but these examples represent British idioms
for which there is only one place to align the tone. It
is possible that the HKE speakers default to placing
the
nucleus
as
late
as
possible
and
minimising/removing a tail.
HKE and BrE alike used creak in the latter part
of fall-rise – unsurprisingly perhaps, since we know
about such cue trading in e.g. Mandarin third tone.
However, we find the realisation of fall-rise in HKE
to be somewhat distinct from BrE, as confirmed by
analysis of the f0 trace in Praat. For the BrE
speakers, the pitch peak aligns early with the start of
the vowel, or not later than half-way through; by
contrast, in the examples of HKE fall-rise in “It’s
the *robot?” we find that f0 climbs throughout the
nuclear vowel. Thus the same form may be heard
with a distinctive Hong Kong flavour. It would be
interesting to revisit this with respect to patterns of
peak alignment in Cantonese.

lack of distinct forms for the tags, which suggests
that the tags are not categories in the grammar of
these speakers; on the other, HKE may be making
innovative use of rise-fall in ‘emphatic statements’.
We have also seen greater use of the rise in
questions in HKE than in BrE.
The present study can naturally be expanded with
the analysis of the larger cohorts’ data, which are
available to us, and which would level out any bias
due to individuals’ pronunciations. The dataset
presented here is too small for us to make the kind of
strong statements that depend on statistically
confident results, but we expect that further research
will enable us to draw more robust conclusions.
Beyond this, the same methodology might be
implemented with speakers of other ages, from other
demographics, and with more male speakers
represented, to compensate for variation along
sociolinguistic lines.
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4. CONCLUSIONS
Our findings show some departures from the
textbook nuclear tones in read speech in BrE. On the
basis of our results we suggest and seek further
confirmation for the following in BrE: the grammar
for continuation might now include fall; for both
statement questions and yes/no questions we might
add fall-rise, and recognise that rise might now be
dispreferred.
From a pedagogical perspective, we observe that
all the BrE contour types are in evidence, even if the
phonetics are distinct. In Hong Kong, free
distribution with the rise in questions mirrors what is
found in Britain. We identify open tag and sarcasm
as the greater challenges for L2 speakers wishing to
acquire the BrE phonology.
As an emergent variety, HKE is said to be
‘nativising’, the third of five distinct phases
according to Schneider’s Dynamic Model [8]. One
aspect of this is the stabilisation of prosody, however
distinct from the original colonial superstratum. We
have found evidence of systematic differences
between the two systems. On the one hand we see a
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each rise corresponds to an Accentual Phrase (APs),
a prosodic constituent that typically consists of a
single content word and any preceding function
words. In initial APs where the pitch range is widened
[2,6,7], [5] found that when stress is on an initial
syllable, f0 is raised across the entire AP, starting
from the first syllable, and there is no clear tonal
target on stressed syllables in these APs, with similar
tonal contour shapes regardless of whether stress was
initial or medial in a word.

ABSTRACT
The intonational melody of Singapore English has
previously been described as consisting of a series of
repeated downstepped rises over an utterance. The
exact nature of this rise, however, differs by phrasal
position, with significantly higher variability in
contour shape and tonal alignment in non-initial
Accentual Phrases than in initial ones. In this study,
we focus on variability of tonal contours in utterancemedial Accentual Phrases, examining whether the
two main types identified in previous studies
(plateaus and rises) represent distinct categories. We
then investigate the extent to which factors such as
duration and f0 scaling are predictive of f0 pattern
selection in utterance-medial phrases. These findings
are discussed in the context of the challenges posed
by the high variability, both within and across
speakers, in Singapore English, and in particular, the
difficulty this poses for refining an intonational model
of this variety.

Figure 1: L tone aligned to stressed syllable
followed by small rise on final syllable in an IPmedial target.

H
L

Keywords: intonation, prosody, Singapore English,
f0 scaling, duration, downstep
1. INTRODUCTION
Figure 2: L tone aligned to AP-initial syllable
followed by tonal plateau in an IP-medial target.
(Yellow indicates pitch tracking error.)

The intonational melody of Singapore English (SgE)
has traditionally been described as a repeated
regularly-timed series of rises which are downstepped
across an utterance [1, 2]. The exact nature of this
rise, however, has been subject to various analyses. In
one line of work, it has been argued that SgE is a
‘tone’ or stress-accent language [3,4], with each
syllable in a prosodic word specified for a tone. [4]’s
model in particular posits that word-final syllables
receive a high (H) tone, the first stressed syllable
receives a mid (M) tone and any preceding unstressed
syllable receives a low (L) tone. These accounts of the
tonal patterns of SgE predict that stress should
reliably be signalled by an M tone, and further does
not consider how this system would interact with
higher-level sentence prosody. Moreover, these
studies
rely
primarily
on
impressionistic
transcriptions of tone without a quantitative
examination of f0 patterns.
A separate line of investigation has examined SgE
intonation within an Autosegmental Metrical
framework [1,5,6]. [1,5,6] argue that the domain of

L

!H

While the general shape of tonal contours in initial
APs is consistently a rise regardless of speaker and
stress pattern, the tonal contours in non-initial APs are
much more variable [8]. [8] identified two major
contour types in non-initial APs: rises and plateaus.
Final APs also show an additional falling pattern
where f0 falls across the entire AP. [8] also provided
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the inclusion of a preceding determiner or auxiliary
verb. Target words were paired for overall segmental
similarity and stress placement (initial or medial),
with each member of the pair occurring in the same
sentential contexts. (1) shows an example pair of
target words, with initial and medial stress, placed in
all four experimental sentence contexts. A full list of
target sentences is presented in Table 1. There were
12 target words (six pairs), with a total of 48 items
(12 targets X 4 contexts). The 48 experimental items
were randomized in a single list along with 73 other
items used for a separate experiment.

preliminary evidence that the f0 valley or elbow that
marks the left edge of an AP can align to the stressed
syllable or earlier, a pattern that is difficult to account
for under a model that assumes tone is reliably used
to mark stress [4]. In fact, the same target word can
display different tonal patterns across speakers
(Figures 1 and 2), suggesting that this variability
cannot solely be due to differences in the position of
a stressed syllable.
These previous qualitative observations raise the
question of whether non-initial phrases should be
analyzed as phonologically distinct from initial
phrases [5]. Further, from a methodological
perspective, the high variability in the tonal patterns
observed within and across speakers for the same task
and items poses an interesting challenge for the
refinement of an intonational model of this variety.
In this study, we focus on investigating one aspect
of the phonetic detail of tonal realization in medial
APs. In particular we address the question of whether
the tonal contour types previously identified by [8]
represent two distinct categories or instead exist on a
more gradient continuum. We further examine
whether factors such as duration and tonal scaling
predict the choice of tonal pattern in this context.

(1) Initial stress: minerals; Medial stress:
memorials
a. Medial AP: They explain
minerals/memorials to the tourists.
b. AP + Function word: They explain the
minerals/memorials to the tourists.
c. Final AP: They explain
minerals/memorials.
d. Final AP + Function word: They explain
the minerals/memorials.
Table 1: Target sentences. Parentheses
indicate elements that were manipulated.
Target sentences
1. They clean (the) animals (in the back).
2. They clean (the) enamels (in the back).
3. They explain (the) minerals (to the tourists).
4. They explain (the) memorials (to the
tourists).
5. They compare (the) seminars (for the report).
6. They compare (the) tsunamis (for the report).
7. The officers (will) mobilise (the troops).
8. The officers (will) manoevre (the troops).
9. The players (will) dominate (their rivals).
10. The workers (will) demolish (their rivals).
11. The soldiers (will) liberate (the village).
12. The soldiers (will) remember (the village).

2. METHODS
2.1. Participants

Eight native speakers of Singapore English (4 male;
4 female; mean age: 22) were recruited for this study
as paid volunteers (same corpus as [8]). Given
previous descriptions [9] of intonation patterns
differing across the major ethnic groups of SgE
speakers, only speakers who self-reported being of
ethnic Chinese heritage were included in the present
study. To further minimize possible sources of
variability, participants were all university-educated,
and were all undergraduate or graduate students at
Nanyang Technological University at the time of
recording. While this narrow sample of the Singapore
population is certainly not fully representative, it
permitted us to more carefully examine a specific
aspect of intra-speaker variability by controlling for
the even greater variability that arises from
population-level sociolinguistic factors.

2.3. Procedure

Participants were presented with sentences displayed
on a computer monitor one at a time. Experigen [10]
was used to control presentation order, and the task
was self-paced. Participants were asked to read each
sentence aloud in a natural conversational style. Their
productions were recorded in a sound attenuated
booth at Nanyang Technological University in
Singapore. Participants were asked to read the entire
list twice and were given a short break between the
two readings.

2.2. Materials

Target sentences involved trisyllabic words with
either initial or medial stress. The target words were
placed in either an IP-medial or IP-final AP. This was
achieved through the inclusion or exclusion of a
prepositional or noun phrase at the end of the
sentence. We further manipulated the distance of the
target word from the left edge of the AP by varying
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tone transformation of the ratio of those two points
(2).

2.4. Data pre-processing and annotation
Here we analyse data from the second reading, as
those productions were overall much more fluent.
Productions involving pauses or hesitations within an
IP were also excluded, for a total of 361 tokens. These
recordings were then phonetically segmented and
labelled automatically using the SPPAS force
alignment tool [11]. In the present study, we confine
our investigation to the tonal patterns in medial APs,
and more specifically, those involving either a plateau
or a rise terminating near the end of that AP. Among
the 182 tokens involving medial targets, 49 involved
an f0 peak on either the first or second syllable of the
target word (i.e., the lexically stressed syllable); since
this is not a normative pattern for this variety, those
items were excluded. 23 of these represented the
entire sample for a single speaker, who was therefore
effectively excluded. The remaining 133 tokens were
labelled using Praat [14] for the following three
landmarks: (i) the final f0 peak of the initial AP
(initial H), (ii) the initial f0 elbow of the medial AP
(medial L), and (iii) the final f0 peak/terminus of the
rise/plateau of the medial AP (medial H). F0 values
were extracted automatically using Praat [12]. Peaks
were labelled at the local f0 maximum using the ‘Get
maximum pitch’ function over a manually specified
window. Elbows were labelled at either the f0
minimum or following [13], at the point where
change in f0 appeared to be greatest following the
preceding peak. In cases where these landmarks were
obscured by strong segmental perturbation or
voicelessness, the label was placed at the lowest point
that was outside of the perturbation. Plateau termini
were labelled at the point just prior to the first sign of
a decrease in f0 before the fall.

(2) Semi-tone formula: 12*log2(f0max/f0min)
If speakers select, in production, two categorical tonal
patterns, we would expect a bimodal distribution for
this measure. An examination of this distribution
(Figure 4), however, reveals a clearly unimodal
distribution (Mean: 0.65 semitones; SD: 1.72), with a
positive skew (skewness: 1.25), supporting the
previous informal classification of tonal patterns into
plateaus (rise ratios close to 0) and rises (ratios larger
than 0), but not falls.
The results of Hartigan’s Dip Test for unimodality
using the dip.test() function [14] in R [15] confirms
that the distribution is unimodal with a nonsignificant result (D = 0.02, p = 0.96). This therefore
suggests the surface patterns observed in medial APs
reflect different phonetic implementations of a single
phonological pattern.
Figure 4: Histogram of rise ratios (Medial AP
H/Medial AP L).
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3.2. Predicting f0 patterns in medial APs

3. RESULTS

How does one explain the variance in rise ratios
observed in the current data? We hypothesize that the
variability in the realization of a single phonological
LH target can be explained by target undershoot due
to temporal constraints [16]. Such durational effects
on tonal target realizations have been shown in other
languages (e.g., French [17]; Standard Chinese [18]).
If this is the case, we predict that more compressed
phrases (i.e. shorter duration) would result in more
undershoot of either the initial L target, the final H
target, or both.
In order to further examine these possibilities, we
examined the effect of AP duration on the size of the
f0 fall from the H of the initial (previous) AP to the
initial L target of the medial AP (fall ratio: Figure
5L), and on the size of the f0 downstep from the final
H of the initial AP to the final H of the medial AP
(downstep ratio: Figure 5R). F0 displacement for both
measures were calculated as with rise ratios. Linear

3.1 Rising vs. plateaus: a categorical distinction?
Figure 3: Schema of dependent variables.

We first asked whether the global f0 patterns
previously identified (rise and plateau) involve a
categorical or gradient distinction. F0 excursion
(here, rise ratio Figure 3) from the initial L to the final
H of the medial AP was calculated by taking the semi-
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longer APs predicting larger rises (β = 3.39, SE =
1.21, t = 2.80, p = 0.01).

mixed-effects
models
with
Satterthwaite
approximations were fit using the lmerTest() function
[19] in R [16]. Each model (fall ratio and downstep
ratio) contained AP duration as a fixed effect and
random intercepts for subject and item.

4. DISCUSSION
In this study, we addressed two questions relating to
the variability in tonal realization in medial APs in
SgE. In contrast to initial APs, which are consistently
realized as a rise, medial APs may be realized as rises
or plateaus. We showed that these differences do not
correspond to distinct categories. Instead they appear
to represent gradiently different phonetic
implementations of a single underlying category.
We then examined which factors best predict the
surface variation in the global f0 pattern of medial
APs, and found that these include both the duration of
the AP and the size of the fall from the previous peak,
but not the size of the peak-to-peak downstep. These
findings are consistent with an account in terms of
tonal undershoot of AP-initial L resulting from
durational constraints, and they further suggest that
the AP-final H acts as the reference pitch level for an
AP [20] relative to the preceding AP.
That differences in the surface patterns of medial
APs are gradient in nature suggests that this variation
should not be accounted for in terms of
phonologically distinct tonal melodies. Instead, both
patterns may be subsumed by a single AP-level LH
melody. Variation in the surface pattern has its source
in phonetic implementation subject to f0 scaling and
temporal constraints.
The descriptive observation of sustained level
plateaus has been used to argue for an analysis of SgE
intonation in terms of tonal specification over each
syllable in a word (e.g., [3,4,21]). Our study,
however, reveals a continuum of phonetic variation
between plateaus and rises, which arises from
temporally-driven compression effects. Our results
therefore do not support such an analysis. While here
we do not specifically address the issue of word stress
and tonal alignment, this general result is in line with
[8], which suggest that the AP-initial L can optionally
align to either the left edge of the AP or a lexically
stressed syllable, a fact which also cannot be captured
by a model which involves tonal specification for
each syllable [3, 4].
Finally, we also observed patterns much more
characteristic of head-marking (e.g., in American or
British English). This kind of variability (on the same
stimuli and task with speakers of similar
sociolinguistic backgrounds) poses challenges for
deciding what does or does not count for the purposes
of proposing a phonological model of this variety.
Future work will examine the extent to which these
productions show SgE-like features.

Downstep Ratio (semitones)

Figure 5: (L): Fall ratio (Final AP H/Medial AP L)
by AP Duration. (R): Downstep ratio (Initial AP
H/Medial AP H) by AP Duration.

Fall Ratio (semitones)

9

6

3

7.5

5.0

2.5

0.0

0.4

0.5

0.6

0.7

0.8

0.4

AP Duration

0.5

0.6

0.7

0.8

AP Duration (seconds)

5

Rise Ratio (semitones)

Rise Ratio (semitones)

Figure 6: Rise ratio by AP duration (L) and Fall
ratio (R).
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AP Duration was a significant predictor of the fall
ratio (β = 3.93, SE = 1.54, t = 2.56, p = 0.03), in that
longer AP duration was associated with a larger f0
fall. Downstep ratio, however, was not significantly
correlated with AP duration (β = -0.81, SE = 1.51, t
= -0.53, p = 0.60). That the size of the fall, but not the
size of the peak to peak downstep, is affected by
phrase duration suggests that (a) the final H of the
medial AP is a relatively fixed function of the f0 range
of the initial AP, and (b) that variability in the L-to-H
f0 change in medial APs (i.e., rise ratio) is therefore
most likely due to constraints on the realization of the
initial L of those APs, in that shorter medial APs lead
to undershoot of the L targets.
Finally, we return to the issue of variability in the
rise ratio by examining the extent to which it can be
explained by either AP duration (Figure 6L), fall ratio
(Figure 6R), or both. Another linear mixed-effects
model was fit with rise ratio as the dependent variable
and fall ratio and AP duration as fixed factors. Both
factors had a significant effect on rise ratio with larger
falls (β = 0.29, SE = 0.08, t = 3.48, p = 0.009) and
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ABSTRACT

[7], and phonetics and phonology at the segmental
level [e.g. 18]. While these studies have revealed
some endonormative tendencies in line with the Dynamic Model [28], normativity is overall more complex, context-specific, and, in certain domains, both
geared toward local and external (British, American,
and other Caribbean) norms [20].
Variation in prosody may be a particularly important dimension at which endonormative tendencies come to the fore, but there is at present very limited empirical research on TrinE at the suprasegmental level. Popularly, TrinE is often described as ‘singsong’ by laypeople from Trinidad and abroad [9, 21].
This ‘sing-song’ prosody is commonly thought to be
a characteristic feature that distinguishes it from other
(Caribbean) Englishes. [9, 21].
It is currently unclear exactly what feature might
be responsible for the distinctive prosody of TrinE.
While previous research indicates that intonation
phrase (IP-)final rises and a frequent alternation between H tones and L* pitch accents in prosodic units
below the IP might partly account for the distinctive
prosody of TrinE (and Trinidadian Creole) [9-10],
Drayton [9] suggests that overall use and variation in
pitch might also play a role in this context, and that
more evidence is needed to answer this question. Further, a study of Afro- and Indo-Trinidadian speakers
focusing on mean pitch level and maximum pitch
range found limited ethnic differences within TrinE,
but did not compare TrinE to other varieties [17].
Consequently, there is currently no evidence on
(1) whether a relatively large degree of variation
in pitch is characteristic of TrinE overall, as
the popular stereotype may suggest,
(2) whether TrinE differs from other (postcolonial) Englishes in this regard, and, hence,
(3) whether overall variation in pitch may be
considered an endonormative feature of
TrinE.
Specifically, while [17] report inter-ethnic differences in mean level and maximum range, there is currently no evidence on how variable or dynamic intonation is throughout the articulation of utterances,
which, in turn, might particularly contribute to the
popular impression of TrinE as ‘sing-song’.
To this end, this paper analyses pitch level, overall
pitch range, and pitch dynamism in TrinE in comparison to two other varieties of English, Standard South
ern British English (BrE) and (Educated) Indian

Trinidadian English (TrinE) prosody is often popularly described as ‘sing-song’. Previous studies indicate that distinctive intonational patterns might be
partly responsible for its distinctive prosody. However, evidence on pitch range and dynamism is currently limited. We analyse pitch level, overall pitch
range, and pitch dynamism in TrinE based on read
and spontaneous speech from 24 speakers in order to
determine whether TrinE differs from other varieties
(Indian and British English) in this respect.
Results indicate that TrinE, while having an overall lower pitch level, has a larger range and more dynamism than Indian and, though to a smaller degree,
British English in read speech. For spontaneous
speech, more complex differences were observed,
with TrinE showing a generally larger range and more
dynamism. Our results suggest that pitch range and
dynamism can overall be considered characteristic
endonormative features of TrinE that may, in part, account for its perception as ‘sing-song’.
Keywords: Trinidadian English, pitch range, pitch
dynamism, prosody, New Englishes.
1. INTRODUCTION
The question of whether and to what extent individual
postcolonial varieties of English develop their own,
distinctive linguistic norms (so-called endonormativity) is a central question in research on Postcolonial
Englishes, both in Schneider’s classic Dynamic
Model [28] as well as in more recent models [3, 4].
Such endonormative developments can also be observed in the Caribbean, where there is considerable
variation between individual islands in the types of
English used. What all English-speaking Caribbean
islands have in common, however, is a that there is a
dialectal continuum from a local English-based Creole to a local variety Standard English [7].
Most research on language use and variation in the
Caribbean island of Trinidad has focused on Trinidadian English Creole and observed endonormative
trends in its development [9, 25, 29-30]. However,
there is also a growing body of research on the emerging standard variety in the island: previous research
on (Standard) Trinidadian English (TrinE) has focused on language attitudes [5-6, 22], morphosyntax
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Table 1: Number of analysed speakers by gender
and variety of English.

Variety
BrE
IndE
TrinE

speakers indicated to be of mixed descent. As is common in Trinidad and other Caribbean islands, nine of
the speakers had spent several years abroad, most of
them in North America, England, and other anglophone Caribbean islands; the sample reflects the increased global mobility common among educated
Trinidadians. Linear regression analyses revealed that
there were no significant differences in pitch patterns
between speakers who had spent several years abroad
and the remainder of the Trinidadian sample.

Gender
male (N) female (N)
10
0
11
9
5
19

English (IndE). While (an earlier form of) BrE is the
colonial ancestor, or superstrate, of TrinE, IndE is important as a point of comparison because Indians have
been, historically, one of the main immigrant groups
moving to Trinidad. Thus, Indian languages as well
as IndE formed part of the linguistic input from which
TrinE developed.
Based on the popular impression and previous research described above, we formulate the following
hypotheses:

2.2. Extraction of f0 & analysis

Previous research has taken a variety of approaches
to the measurement of pitch level and range. While
some studies, for instance, have analysed pitch range
as linked to specific tones [23, 27], other studies have
focused on the long-term distribution of f0 [e.g. 17].
We adopted the latter approach and followed [11]
and [19] in order to ensure comparability with previous findings for BrE and IndE. Given that there is limited evidence on pitch range and dynamism in other
(New) Englishes as a possible point of comparison
apart from these two studies, focusing on the longterm distribution of f0 was considered most beneficial
to examine whether TrinE differs from other varieties
of English.
F0 values were extracted in 10 ms intervals over
voiced segments in inter-pausal intervals with Praat
[1], using minimum and maximum parameters appropriate for male and females speakers.1 For each
speaker, pitch level (i.e. overall pitch height) was then
measured as the median of the f0 distribution in Hz
(rather than the mean) in order to arrive at a measure
of central tendency that is robust to outliers in the distribution [2, 24]. Pitch range (i.e. general difference
between maximum and minimum f0) was measured
as the difference between the 90th and 10th percentile
in semitones (80% range), again, to limit the effect of
outliers and to account for the non-linear human perception of f0 [27]. Pitch dynamism (i.e. overall variability of pitch) was quantified with the pitch dynamism quotient (pdq) [16], defined as the standard deviation of the f0 distribution of each speaker divided
by its mean in Hz.
Previous research showed that there are differences in pitch level between male and female speakers [8, 15]. Taking into account that, in our sample,
the distribution of male and female speakers across
the varieties under investigation is not balanced, we
test for inter-varietal effects by using linear regression
models that include gender as a fixed effect, thus controlling for the possibly confounding effect of gender.
Rather than reporting and comparing raw means for
pitch level, range, and dynamism, we use and report
the means estimated by the linear models (while

H1) Pitch level in TrinE is not higher than in other
Englishes, since pitch level in TrinE was previously observed not to differ from commonly known reference values [17].
H2) Pitch range in TrinE is wider than in other varieties of English, as suggested by the popular
stereotype (and [17]).
H3) Pitch in TrinE is overall more dynamic than
in other varieties, as indicated by observations of the relatively frequent alternation between H tones and L* pitch accents in prosodic units below the IP [9-10].
2. DATA AND METHODS
2.1. Data

Read and spontaneous data from 54 female and
male speakers of TrinE, BrE, and IndE was analysed
(see Table 1 for an overview); possible physiologically conditioned gender effects on variation in pitch
were controlled for despite the unequal distribution of
speakers (see below). All speakers were recorded
reading out a text passage, and spontaneous speech
was collected in semi-structured interviews. The BrE
data, originally taken from [26], and the IndE data
were both investigated for overall pitch differences in
[11] and are here used as a point of comparison. We
reanalysed the data for the purpose of this study to
ensure comparability with TrinE. The TrinE dataset
contains recordings of secondary school teachers
from different schools throughout the entire island of
all age groups, most of them being between 26 and 46
years of age. Eleven speakers were Afro-Trinidadians, three Indo-Trinidadians, and the remaining ten
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Figure 1: Pitch level (median
f0 in Hz), with means and
confidence intervals.

Figure 2. Pitch range (80%
range in semitones), with
means and confidence intervals.

controlling for gender) in order to arrive at reliable
and robust values for a comparison of effects. Separate models were run for read and spontaneous speech
for each dependent variable, followed by post-hoc
Bonferroni-adjusted pairwise comparisons of the variety-specific estimated means.

Figure 3. Pitch dynamism
(pitch dynamism quotient),
with means and confidence
intervals.

there is no significant difference between TrinE (6.99
st) and BrE (6.78 st), TrinE has an approximately
20% larger pitch range than IndE (5.85 st), which was
significant at p < .05. As regards variation in speaking
style, only small differences can be observed: TrinE
and IndE have a slightly smaller range in read than in
spontaneous speech. BrE, however, has a much larger
pitch range in read than in spontaneous speech.

3. RESULTS
3.1. Pitch level

3.3. Pitch dynamism

For pitch level, we find significant differences between the three varieties in spontaneous speech (F(2,
54) = 13.16, p < .001) and in read speech (F(2, 54) =
15.06, p < .001). TrinE has a significantly lower level
in spontaneous and in read speech than IndE (each p
< .001, read: 179 Hz vs. 148 Hz, spont.: 185 Hz vs.
147 Hz), but does not differ significantly from BrE
(read: 148 Hz, spont.: 161 Hz; see Figure 1). For all
three varieties, pitch level varies little across speaking
styles. The largest difference was found for BrE,
which has a slightly higher level (around 10 Hz) in
read speech.

Inter-varietal differences in pitch dynamism (pdq)
generally resemble those of pitch range (see Figure
3). In spontaneous speech, pitch in TrinE (pdq =
0.215) is more dynamic than both in IndE (pdq =
0.182; approx. 18% lower) and BrE (pdq = 0.178; approx. 20% lower). Again, however, these differences
did not reach statistical significance (F(2, 54) = 2.59,
p = .084).
In read speech, differences in pitch dynamism also
closely resemble inter-varietal differences of overall
pitch range, which are statistically significant (F(2,
54) = 5.60, p < .01). While TrinE (pdq = 0.203) does
not have significantly more dynamic pitch than BrE
(pdq = 0.179; approx. 13% lower), the difference between TrinE and IndE is larger and significant at p <
.01 (pdq = 0.159; approx. 28% lower).

3.2. Pitch range

In spontaneous speech, a straightforward pattern can
be observed in terms of differences in pitch range
(difference between the 90th and 10th percentile) (see
Figure 2 for an overview): TrinE (7.07 st) has the
overall largest 80% range, followed by IndE (6.24 st;
approx. 13% lower) in an intermediate position and
BrE (5.48 st; approx. 29% lower) with the smallest
range. However, these differences failed to reach statistical significance (F(2, 54) = 2.46, p = .095).
In read speech, however, the analysis revealed that
there are overall differences in pitch range between
the three varieties (F(2, 54) = 4.60, p < .05). While

4. DISCUSSION
This study set out to compare pitch level, range, and
dynamism in TrinE, BrE, and IndE, the latter two being the major historical input varieties from which
TrinE developed.
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Table 2: Summary of key results, comparing TrinE
to other varieties in pitch level, range and dynamism. Upwards arrows indicate that TrinE has
higher values in this dimension than the other variety, downwards arrows indicate lower values. For
comparisons with IndE and BrE, asterisks indicate
statistical significance (in brackets if for one speech
style only).

A comparison of our results with previous research [14] suggests that TrinE may have more dynamic intonation than NigE (notwithstanding small
methodological differences between the two studies).
5. CONCLUSION
This study analysed pitch level, pitch range, and pitch
dynamism in Trinidadian English in comparison with
British and Indian English, and, based on previous research, other (New) Englishes. Our results (see summary in Table 2) reveal that a wide pitch range and a
high degree of pitch dynamism, together with a generally low pitch level, are characteristic of TrinE.
These characteristics appear to be endonormative features of this variety and may distinguish it from other
varieties of English.
While previous research indicates that IP-final
rises and IP-internal alternation between H tones and
L* pitch accents partly account for the distinctive
prosody of TrinE, the findings at hand suggest that
overall pitch variation may also play a role in the popular perception of TrinE being ‘sing-song’. An overall low pitch level paired with an overall wide pitch
range and a high degree of pitch dynamism within this
range may additionally account for the fact that Trinidadians speakers are popularly perceived to lilt.
In addition to further analyses of larger samples of
BrE, IndE, and TrinE, future research should also investigate sociolinguistic variation in pitch level,
range, and dynamism [as in 17]. Specifically, in future work we will analyse variation in long-term f0
distribution between Afro- and Indo-Trinidadians and
between teachers and school students.
Moreover, other measures of the long-term distribution of f0 and different linguistic measures of pitch
range [14, 23, 27] may be examined to compare results with the limited amount of previous research on
pitch range variation across varieties of English [e.g.
2, 14]. Finally, in order to investigate more closely to
what extent pitch level, range, and dynamism serve as
a marker of Trinidadianess, an analysis of the perception of intonation patterns may complement the existing evidence on speech production [as in 12-13, 17].

TrinE compared to
Level
Range
Dyn.

IndE
↓*
↑(*)
↑(*)

BrE
=
↑
↑

AmE
↓

NigE
↑
↑

4.1. Pitch level

Our findings for pitch level (median f0) suggest that
H1 can be confirmed. TrinE does not have a higher
median f0 than the other varieties, but, in fact, a significantly lower pitch level than IndE. More broadly,
a comparison of our results with previous research
(albeit limited to female speakers [2]) suggests that
TrinE has a slightly lower pitch level than AmE.
4.2. Pitch range

The analysis of pitch range (80% range) indicates that
our second hypothesis (H2) can be partially confirmed. TrinE has a wider pitch range than BrE and
IndE in both read and spontaneous speech, but not all
inter-varietal differences reached the level of statistical significance. In read speech, TrinE has a significantly larger range than IndE, but differences with
BrE are marginal in size and not significant. For spontaneous speech, inter-varietal differences are larger in
size, but did not reach the level of statistical significance: TrinE has the widest range, followed by IndE
in an intermediate position, and BrE with the smallest
range.
A comparison of our results with previous research suggests that TrinE is exceptional in its wide
pitch range. While we found that TrinE has a wider
pitch range than BrE, [14] showed that BrE has a
wider pitch range than Nigerian English (NigE). This,
in turn, suggests that TrinE may have, in turn, a wider
pitch range than NigE.
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4.3. Pitch dynamism

Our findings for pitch dynamism (pitch dynamism
quotient) are comparable to those for pitch range and
partially confirm the hypothesis (H3). Pitch in TrinE
is more dynamic than in the other two varieties, but
reach statistical significance only between TrinE and
IndE in read speech. The results also show that TrinE
is more dynamic in spontaneous than in read speech.
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ABSTRACT

Arrival”, the age at which they immigrated to the L2ambient environment.
In L2 speakers with an AOA greater than 12, the
segmental effects of LOR seem limited to a short
initial improvement during the first year after
immigration [6], [7], [15], [18]. While it is unclear
whether a similar phenomenon manifests in
suprasegmentals, the crucial role of speech rhythm on
L2 speech has been demonstrated convincingly [2],
[13], [20]. In addition, more recent research has
observed prosodic changes among new immigrants
[11], [16], [19]. In order to quantify rhythmic changes
of this kind, researchers have relied on several metrics
developed over the past two decades.

This study is a longitudinal investigation of second
language (L2) speech rhythm in Cantonese-firstlanguage (L1) immigrants. Seven Hong Kong
students were recorded five times throughout a twoyear period while they were living abroad in Englishspeaking countries. The speech rhythm of the read
utterances in these recordings was then measured
using several durational variability metrics. In
addition, the participants were surveyed on their use
of L1 and L2 speech during their time abroad. The
results suggest that significant increases in durational
variability and speech rate occurred during the first
year abroad. Additionally, there seems to be inverse
correlation between the use of L1 Cantonese and
rhythmic changes in the expected direction. These
findings were further supported by ratings of
accentedness, comprehensibility and intelligibility of
their speech production by a group of native English
speakers.
Keywords: L2 Speech Rhythm,
Experience, Length of Residence

2.1. Speech Rhythm Metrics

Since Dauer [3] debunked categorical speech rhythm
typology, most studies have viewed speech rhythm as
a continuum between stress-timing and syllabletiming. As a result, in most current research, the
measurement of speech rhythm is based on three
related prosodic correlates: stress, vowel reduction,
and syllable complexity. In this conception, a greater
amount of these three factors characterises languages
traditionally considered stress-timed, such as English;
and a smaller amount characterises those traditionally
considered syllable-timed, such as Cantonese. To
measure these correlates, several durational metrics
have been developed over the last 20 years. The first
two, Pairwise Variability Indices (PVI) and Varco
metrics, are measures of pairwise and global
durational variability, respectively, for three different
intervals: consonantal, vocalic, and syllabic (PVI-C,
PVI-V, PVI-S, VarcoC, VarcoV, VarcoS [4], [5], [9],
[12], [17], [21]). For each of these metrics, a higher
score indicates more durational variability, i.e.
characteristic of stress timing. An additional metric
used in the present study is PercentV [17], which
measures the percentage of vocalic content in an
utterance. A higher score in PercentV reflects
characteristics of syllable timing. Although there are
rhythmic difference between native varieties of
English, all varieties are generally more stress-timed
than English spoken by Cantonese-L1 speakers.

Language

1. INTRODUCTION
In this ongoing longitudinal investigation of L2
speech rhythm, the speech of seven L1 Cantonese-L2
English-speaking immigrants is examined. These
participants emigrated from Hong Kong to the
following countries: Canada (3), USA (2), United
Kingdom (1), and Australia (1). Previous longitudinal
studies of this kind, such as [15], have provided an indepth understanding of the ways in which L2 speech
patterns change when immigrants enter a new
linguistic environment. The present study takes the
same approach, but with a focus on prosody. The
durational rhythmic patterns of the participants L2
speech is measured and compared over a two-year
observation period after immigration to their
respective countries.
2. L2 SPEECH AMONG NEW IMMIGRANTS
In studies of new immigrants, previous research has
demonstrated correlations between L2 pronunciation
and three factors: Length of Residence (LOR) in an
L2-ambient environment; Language Experience
(LE), which is the quantity and quality of L2
interaction among new immigrants; and “Age of

2.2. Language Experience (LE)

LOR is quite uninformative when considered in
isolation. It is a simplistic measurement of time spent
in a new country, but does not include any details
about how that time was spent. In order to obtain a
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fuller understanding of the participants in the present
study, a LE survey was adapted from Freed et. al. [8],
which was a detailed inquiry of their L1 and L2
interactions during the observation period. To the best
of our knowledge, this is the first study of its kind that
has examined both speech rhythm and LE.

After selection, utterances were segmented in Praat
[1] on two tiers. The first demarcated vocalic (vowel)
and consonantal boundaries; syllable boundaries
were established on the second tier. Syllables were
segmented according to the Maximum Onset
Principle [10]; however, this did not preclude a
number of judgment calls based on careful listening
and observation of spectrograms. Most of these were
cases of the final coda consonant resyllabified across
a word boundary. In these instances, the final
consonant was considered part of the first syllable in
the second word.
After segmentation, the speech rhythm (according
to the metrics in Section 2.1) and speech rate in
syllables per second (s/s) were measured for each
utterance. These results were then analyzed with five
paired comparisons of means between the following
time points: T1-T2; T2-T3; T1-T3; T3-T5; T1-T5.
More comparisons were examined between T1 and
T3 because greater changes were expected during that
time (see Section 2). As such a large number of
comparisons increases the chance of a Type 1 error,
we applied a Boneferroni correction, dividing our
threshold p value of .05 by the number of
comparisons. Our requirement for significance,
therefore, is .01.
In an online LE survey, the participants were
asked to estimate the number of days per week, and
the number of hours per day that they communicated
in their L2 and L1 during the observation period. In
addition, they gave details about their interlocutors,
as well as their living situations, etc.
For the Native Speaker Judgments, a collection
of utterances was rated by 26 American university
students for foreign accent, comprehensibility, and
intelligibility. Four utterances, two read and two
extemporaneous, were chosen for each participant at
each time point (Mean Length of Utterance - 10.28
words; Standard Deviation (SD) – 2.58). The design
of this rating system was based on Munro and
Derwing [14]. Foreign accent was judged on a Likert
Scale from 1 to 9, in which 1 denoted no foreign
accent and 9 denoted a very strong foreign accent.
(Ratings of accent are, of course, highly subjective.
One concern about the students who rated the
participants was their familiarity with native English
accents from outside of North America. To address
this concern, the instructions emphasized that they
were not to rate the accents based solely on their own
accent as a baseline. Instead they were asked to adopt
a view of native English accents that was as objective
as possible.) An identical scale was used for the
comprehensibility rating, where utterances rated 1
were extremely easy to understand, and those rated 9
were impossible to understand. Finally, the
intelligibility rating asked respondents to type the
utterances that they had heard. This rating was
quantified by a ratio in which the aggregate number

3. METHOD
All participants attended the same Hong Kong
secondary school prior to emigration. Table 1 details
their AOA and destinations.
Table 1: Participant information

Participant

AOA
(years;months)
CanGirl 1
17;9
CanGirl 2
17;10
CanBoy
17;11
CanUSABoy 18;5
USAGirl
16;7
AusBoy
20;5
UKBoy
16;11

Destination
Markham, ON
Toronto, ON
Markham, ON
Comox, BC
Wausau, WI
Sydney, NSW
Cambridge

3.1. Recordings

Six participants were recorded at approximately sixmonth intervals beginning with their pre-emigration
(T1) recording. (Because of the differences between
the school schedules of Hong Kong and Australia,
AusBoy was recorded at 3 months, 9 months, 15
months, and two years after moving to Australia.) The
interviews were sometimes conducted in person and
sometimes remotely over Skype. In every case, the
participants were recorded on a Zoom H2 recorder,
with digital sampling at 44.1 Hz, placed
approximately 20 centimetres from their mouths.
They were recorded in free conversation with the first
author (the various topics were related to things they
had experienced during their time abroad), and
reading three passages: “The North Wind and the
Sun”, “The Rainbow”, and fourteen sentences
composed by the authors.
3.2. Selection, Segmentation, and Analysis

Utterances were selected from the reading passages,
based on the following criteria: first, utterances had to
be at least five syllables in length and within the same
breath group; second, utterances with pauses were
rejected; finally, the utterance had to meet these
criteria across all five recordings. In other words, the
utterances for each participant were identical from T1
to T5. (The justification for identical, read utterances
in speech rhythm investigations is stated
convincingly in [22].)
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of correct words per utterance was divided by the
aggregate number of words (words per utterance ×
number of respondents).

4.2. LE Survey Results

To gain a better understanding of the patterns in the
rhythm scores, the LE survey was examined for any
apparent differences between USAGirl the other
participants. A selection of her answers is shown in
Tables 3 and 4. According to her own estimates,
USAGirl had the highest amount of L2 interaction
and lowest amount of L1 interaction during the first
year after emigration. Section 5 gives further details
of the results from the LE survey.

4. RESULTS
Because of limited space, an overview of related
highlights from the Speech Rhythm, Language
Survey, and Native Speaker Judgments results will be
provided below. Readers who are interested in a full
report of the results are welcome to contact the first
author.

Table 3 Estimated time speaking English to L1
English speakers

4.1. Speech Rhythm Results

Participant

Three metrics will be presented in order from the
highest to lowest number of significant increases
among the seven participants: speech rate, followed
by VarcoC, and, finally, PVI-V. (When we refer to
speech rhythm changing in the “expected” direction,
it means that the L2 English has become more stresstimed, since Cantonese-L1 speakers tend to have
greater syllable-timing in English when compared to
English-L1 speakers.)
First, the speech rate (s/s) of six participants
increased significantly during their first year after
immigration. Table 2 shows the mean (M) speech
rates and SD for T1 and T2. The exception was
UKBoy, who had no significant change between
these time points, and whose T1 speech rate was the
highest among all participants.

CanGirl 1
CanGirl 2
CanBoy
CanUSABoy
USAGirl
AusBoy
UKBoy

T1 (s/s)
M (SD)
CanGirl 1
4.22 (.72)
CanGirl 2
4.56 (.65)
CanBoy
4.06 (.61)
CanUSABoy 3.71 (.8)
USAGirl
3.86 (.52)
AusBoy
4.67 (.67)
UKBoy
4.77 (.77)

T2 (s/s)
M (SD)
4.83 (.78)
4.93 (.66)
5.32 (.84)
4.96 (1.16)
4.61 (.62)
5.43 (.87)
4.48 (.46)

Year 2
(hours/week)
21
4
2
10
35
20
7

Table 4: Estimated time speaking Cantonese

Participant
CanGirl 1
CanGirl 2
CanBoy
CanUSABoy
USAGirl
AusBoy
UKBoy

Table 2: T1-T2 Speech Rate Comparison

Participant

Year 1
(hours/week)
14
4
9
28
35
24
14

p
< .001
< .001
.006
.006
< .001
< .001
.19

Year 1
(hours/week)
8
35
9
16
5
8
10

Year 2
(hours/week)
21
35
28
35
35
8
21

4.3. Native Speaker Judgements

The results from the 26 respondents indicated a clear
trend across all participants, and support a finding of
[14]: the intelligibility ratings of T1 utterances was
highly accurate (> 90%), and contrasted with lower
ratings for accent (M = 6.31, SD = 1.78) and
comprehensibility (M = 3.8, SD = 2.13) from the
same time point. In most cases, these intelligibility
ratings were similar across all time points.
In the T2 responses, there were two notable
significant reductions in the ratings for Foreign
Accent when compared to T1: USAGirl and CanGirl
2. USA Girl’s One-Way Anova result for all time
points was F(3,410) = 37.994, p < .001; CanGirl 2’s
was F(3,409) = 10.789, p < .001. Their Tukey post
hoc test results between T1 and T2 are shown in Table
5.

Among the VarcoC rhythm scores, there were just
two participants with significant increases: CanGirl
1’s VarcoC increased significantly between T1 (M =
42.4, SD = 11.24) and T3 (M = 50.31, SD = 14.49)
(t(17) = -2.917, p = .01); and USAGirl’s VarcoC
increased from T1(M = 49.58, SD = 12.92) to T2 (M
= 59.75, SD = 16.12), t (17) = -3.194, p = .005.
Finally, only one participant had a significant
increase in PVI-V. USAGirl’s PVI-V score increased
from T1 (M = 39.86, SD = 12.11) to T3 (M = 53.41,
SD = 15.32), t (17) = -4.194, p = .001.
The selected results above illustrate a common
theme in the speech rhythm scores: across all metrics,
USAGirl had the greatest number of significant
changes in the expected direction.

336

Table 5: Tukey post hoc test results for accent

Participant T1
T2
USAGirl
5.88 ± 1.7 4.63 ± 2.2
CanGirl 2 4.62 ± 1.9 3.70 ± 1.6

Ontario, Canada, where a sizable minority of the
population speaks Cantonese. In other cases, it was
more likely due to Cantonese-speaking roommates.
CanGirl 2, for example, lived in a condominium with
her two Cantonese-speaking siblings. What seems
clear is that there is a possible relationship between
L2 to L1 ratio and the changes in speech rhythm
during their first year in an English-speaking country.
In some cases, the willingness of the other
participants to communicate in their L2 also seemed
to be reflected in ratings by the native English
speakers, even when there were no corresponding
changes to speech rhythm. During his first year
abroad, UKBoy lived with a host family in
Cambridge, and enjoyed speaking with his
cohabitants regularly. In his second year, however, he
moved into a student dormitory at the University of
Exeter. In this situation, he was severely alarmed by
the dipsomaniacal tendencies of many of his Englishspeaking cohabitants, and so tended to interact more
frequently with Cantonese speakers. (During the
second year, Cantonese communication increased
among several participants. The wide variety of
reasons for these increases are too detailed to include
here.) This change in communication patterns is
evident in Tables 3 and 4, but his ratings for
comprehensibility also seem to mirror the decline in
the ratio of L2 to L1. UKBoy’s One-way Anova for
ratings of comprehensibility suggested significant
changes during the observation period (F(3,407) =
19.563, p < .001). Surprisingly, the Tukey post hoc
tests indicated both significant improvement and
deterioration in comprehensibility. After one year
abroad, his rating was significantly more
comprehensible at T3 (3.16 ± 1.8, p < .001) when
compared to T1 (5.22 ± 2.2). After two years,
however, he received a significantly worse rating for
comprehensibility at T5 (5.22 ± 2.6, p < .001) when
compared to T3.
While the small number of participants in the
present study may preclude definitive conclusions
about L2 speech rhythm development, there are
several possible correlations with LE that have been
suggested by the results. Presently, we are preparing
for mixed model regression analysis that will take all
results into account and find the factors that have the
largest effects on the L2 Speech Rhythm of
participants during the observation period.

p
< .001
.001

On the other hand, while some of the ratings for
Comprehensibility were significantly better between
T1 and T2, they did not seem to align with the ratings
for Foreign Accent. On the contrary, after USAGirl’s
One-way Anova suggested significant changes
(F(3,406) = 19.453, p < .001), a Tukey post hoc test
found that she was rated significantly less
comprehensible at T2 (3.97 ± 2.6, p < .001) in
comparison to T1(2.83 ± 1.4). Generally, the
differences between accent and comprehensibility
ratings is another finding that mirrors [14].
In summary, the selected results do not tell the
whole story, but do suggest some significant rhythmic
changes in the expected direction. These changes
were especially prevalent for USAGirl, whose LE
survey results suggested limited exposure to
Cantonese and extensive exposure to English during
her first year after emigration. USAGirl’s rhythmic
scores also seem to parallel her rating for foreign
accent, which was rated as significantly reduced
during the first six months after immigration;
however, during the same time period, her
comprehensibility was rated significantly worse.
5. DISCUSSION
The initial results suggest that L2 English speech
rhythm may change in the expected direction after
immigration to an English-speaking country, but only
under certain conditions. In the present study, an
important factor seems to be the population and
demography of the city to which one immigrates (see
Table 1). USAGirl, the participant with the greatest
amount of rhythmic changes in the expected
direction, immigrated to the small city of Wausau,
Wisconsin, population 40,000. In her interviews, she
told us that she encountered not a single Cantonese
speaker while living in this city. Additionally, she
was living with an English-speaking host family, with
whom she communicated very frequently. Her
interviews also suggest that she is generally an
outgoing person who enjoys conversation a great
deal, and that she adapted very quickly to the
secondary school she attended. As a result, her ratio
of L2 to L1 use was very high, and her
communication in Cantonese was limited to online
conversation with her friends and family back in
Hong Kong.
In contrast, several of the participants had much
lower ratios of L2 to L1 communication. In some
cases, this was probably because they moved to a city
in which Cantonese communication was prevalent.
CanGirl 1 and CanBoy both moved to Markham,
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available to listeners. While Van Alphen and Smits,
in attempting to explain their somewhat paradoxical
finding, only tentatively suggest it, fifteen years on it
appears that obstruent devoicing (effectuated as a
diminishing of prevoicing) is in fact a sound change
in progress in Dutch. The gradual devoicing of lenis
fricatives has in fact been described for almost a
century for Standard Dutch in the Netherlands (an
overview is in [16]), where /x~ɣ/ have merged for
many speakers and /f~v/ are only minimally distinct.
In northern dialects, the sound change is near
completion, and the fortis-lenis contrast in fricatives
is neutralised for many speakers. The devoicing of
stops, on the other hand, appears to be an incipient
sound change across the Dutch language area [10].
Pinget notes how the stop contrast in her study (/p~b/)
has a much higher functional load than the fricative
contrast /f~v/, which only serves to distinguish
around 10 minimal pairs. This suggests that any
change-in-progress affecting prevoicing in stops may
not lead to complete neutralisation as easily as that in
fricatives due to systemic pressures to avoid extensive
homophony [18]. While in her production study,
Pinget found the /p~b/ contrast to rely mostly on the
presence of prevoicing, she suggests there may be “a
trend towards […] a greater reliance on the duration
dimension” and her data include individuals who
already show such greater reliance.
As opposed to the studies discussed above, which
concern word-initial obstruents in free morphemes,
our focus is on the effects of the sound change on a
bound morpheme in a word-internal context.
Specifically, we examine if and how the on-going
neutralisation interacts with the morphophonological
process of past tense formation. In Standard Dutch,
the regular, productive past tense is formed by adding
a suffix to the verb stem. The suffix takes the form te /tə/ or -de /də/, depending on the phonological
specification of the stem-final consonant of the verb
as fortis/voiceless or lenis/voiced, respectively. By
focusing on the affix itself we are able to study the
potential effect of a phonetic change on a
morphophonological process that hinges on the
contrast that is neutralising. At the same time we
avoid the issue of potentially destructive homophony
at the lexical level, which is likely to impede progress
of the change. Given the more than occasional
absence of prevoicing observed in earlier studies, we

ABSTRACT
The Dutch past tense suffix has two allomorphs (-te
and -de) whose selection depends on the voicing
specification of the stem-final consonant of the verb.
Given that obstruent devoicing is a sound-change-inprogress in Dutch, the stability of this allomorphic
pattern is potentially under pressure. We focus on the
phonetic informativity of the affix itself and
investigate to what extent it contributes to
maintaining the phonological contrast.
Based on random forest modelling using multiple
phonetic exponents of voicing, we find that the two
affix categories are mostly but not entirely separable:
83.6% of tokens in our spoken corpus of 354 (177 de, 177 -te) were correctly classified. In terms of
variable importance, the phonological contrast is
mainly cued by burst duration. While the affix largely
preserves the contrast, this finding is striking in the
context of traditional descriptions of Dutch as a true
voicing language, and it may signal cue restructuring.
Keywords: voicing;
allomorphy; Dutch

sound

change;

contrast;

1. INTRODUCTION
Dutch is somewhat exceptional among the Germanic
languages since, unlike most of its close linguistic
relatives, it is a so-called ‘true voicing’ or
‘prevoicing’ language, i.e. its fortis-lenis obstruent
contrast is one of zero/short lag VOT vs.
prevoiced/negative VOT [9, 12, 2]. For initial
plosives, Van Alphen and Smits [15] have shown that
the contrast is not reliably made by all Dutch
speakers, specifically, that prevoicing was absent for
25% of tokens in their study. Importantly, the
phonological distinction between the fortis and lenis
categories across languages is known not to hinge
solely on the laryngeal features implied by its
traditional [±voice]. In addition to vocal fold
vibration or phonetic voicing, a number of other
features may cue the contrast including duration of
the obstruent segment itself, strength and duration of
the release burst, and spectral features of the
following vowel (see [7] for an overview). Van
Alphen and Smits found that perceptually, prevoicing
was by far the most important cue despite its frequent
absence, but that other cues were indeed present and

339

The recordings come from nine female speakers of
Standard Dutch (age range: 18-21, all students at
Utrecht University at the time of recording) who
heard a male speaker of Standard Dutch produce third
person singular present tense verb forms in a frame
sentence (Hij [VERB]+t helemaal niet, ‘He does not
[VERB]3sgpr at all’). In the singular present tense, the
stem-final consonant is subject to phonological final
devoicing, so that the voicing contrast is neutralised
or near-neutralised [17], and listeners have to recover
the underlying voicing specification of the stem-final
consonant of the verb. The subjects were asked to
repeat the frame sentence directly after hearing the
prompt, while changing the verb to its past tense
form. Irregular verbs, for which past tense formation
does not involve affixation, were added as distracter
items. Three repetitions of the list in three different
orders were recorded for each speaker.

predict the two allomorphs to display incipient
merger, at least along the voicing dimension.
2. METHOD
2.1. Corpus

Dutch past tense allomorphy has recently been
examined for another reason: speakers have been
found to make ‘errors’, i.e. choose the allomorph with
the opposite voicing specification to the stem-final
consonant of the verb. Ernestus and Baayen [3, 4]
have shown that these ‘mismatches’ are modulated by
lexical frequency and neighbourhood density: less
frequent verbs are more often mismatched, and verbs
with many phonologically similar neighbours with an
opposite voicing specification for their stem-final
consonant are more often mismatched. While our
corpus containing elicited Standard Dutch past tense
forms was originally assembled to study the acoustic
characteristics of these types of mismatches, we focus
here on words for which allomorph selection is
expected to be relatively unproblematic. To this end,
we selected all tokens of seven verbs that are both
relatively frequent (log frequencies in CELEX 6.08.8 as established in [3], the range in our larger corpus
being 0.0-8.8) and have relatively many
phonologically similar neighbours with the same
voicing specification for the stem-final consonant
(75-99%, the range in the larger corpus being 1-99%).
For each of these, we also selected their closest
phonological neighbour in the database with a stemfinal consonant with the opposite voicing
specification, yielding the set in Table 1 below.

2.2. Analysis

The past tense suffixes were segmented manually and
subsequently analysed with respect to a number of
potential phonetic parameters of the forts/lenis
contrast. The following measurements were included:
stop closure duration, voicing ratio (the duration of
vocal fold vibration relative to the duration of
closure), burst duration, the duration of the following
vowel (/ə/), as well as the f0 and f1 at 10 ms and 20
ms after its onset. We excluded the mean intensity of
the stop burst from the analysis (included in [15])
because not all tokens contained a burst, therefore we
could not measure burst intensity consistently for all
the tokens.
In order to assess the relative contribution of
various phonetic dimensions to maintaining the
contrast, we used random forest modelling,
implemented in the R package party [5]. A random
forest was fitted to predict the affix (-te or -de), based
on 354 tokens of the verbs in the subcorpus
(9x14x3=378, with 24 tokens excluded because of
mispronunciations due to speech errors or mishearing
of the prompt). All the predictors listed above were
entered. We determined variable importance, using
the default options in the varimp() function, and
the conditional permutation importance [13, 14]. The
accuracy of the model was tested by applying it to
classify all tokens in the same data set and comparing
the classification to the underlying (target allomorph)
categories.

Table 1: List of verbs used in the study (l-r: infinitive in
Dutch orthography; verb stem in IPA; English gloss).
Verbs in the left half of the table have a lenis stem-final
consonant; those directly opposite on the right are their
closest phonological neighbours with a fortis stem-final
consonant at the same place of articulation.
Lenis (-de)

Fortis (-te)

beven

bev

‘tremble’

blaffen

blɑf

‘bark’

hoeven

huv

‘need’

poffen

pɔf

‘puff’

durven

dʏrv

‘dare’

surfen

sʏrf

‘surf’

deinzen

dɛinz

‘recoil’

dansen

dɑns

‘dance’

reizen

rɛiz

‘travel’

eisen

ɛis

‘demand’

leggen

lɛɣ

‘lay’

kuchen

kʏx

‘cough’

vegen

veɣ

‘pant’

juichen

jœyx

‘cheer’

The number of minimal pairs (and even near-minimal
pairs such as eisen~reizen) is extremely small, which
is why phonological nearness is determined by more
abstract aspects of the syllable structure, and limited
to place and manner of articulation of the stem-final
consonant in the first two cases.

3. RESULTS
3.1. Classification

As shown in Table 2, the model was able to correctly
classify 296 (140+156) out of the 354 tokens (83.6%)
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to be higher (and shifting downwards) for voiceless
stops relative to voiced ones [8, 1, 7]. F1, but not f0,
appears to follow that pattern here, to the extent that
there is any pattern discernible in these overlapping
distributions.)

with respect to the target allomorph. It incorrectly
classified 37 tokens with a -de target as fortis (20.9%)
and 21 tokens with a -te target as lenis (11.9%). The
two categories are in other words largely but not
completely separable on the basis of the phonetic
predictors.

Figure 2: Density plots for the phonetic predictors
according to target category

Table 2: Classification of past tense suffix tokens based
on random forests modelling of phonetic predictors.
Predicted
Target
-de
-te

-de

-te

140
21

37
156

3.2. Variable importance

Figure 1 shows the relative importance of the cues
that served as phonetic predictors in the classification.
Figure 1: Variable importance for each of the phonetic
predictors in the model.

By far the most important contributor to the
classification is the duration of the stop burst. It is
followed, at considerable remove, by f0 at 20 ms into
the vowel. The contributions of all remaining
predictors, including voicing ratio, our measure of
phonetic voicing, are close to zero.

4. DISCUSSION
4.1. Devoicing and contrast

The most immediately striking result from the
analysis is the near-complete overlap with respect to
phonetic voicing (as determined by voicing ratio) for
the two target allomorphs. This overlap includes
some -te targets realised with a large degree of
voicing (50% or more). It is reasonable to assume that
these encompass cases of ‘mismatched’ allomorph
selection (prescriptive -te targets realised as -de).
Crucially, this is not reciprocal in the sense that the
number of -de targets realised as voiceless is not also
a small minority; instead, phonetic voicing is absent
from or only minimally present in the majority of
tokens with a -de target. This shows that it is an even
less reliable cue than noted in previous literature.
While there may therefore be mismatched allomorphs
(-de targets realised as -te) in the data, there are

3.3. Separability of phonetic cues to the fortis-lenis
contrast

Density plots for each of the phonetic predictors
further elucidate the result of the variable importance
analysis. All of the phonetic cues except burst
duration show near-complete overlap for the two
categories. Note that these are target allomorph
categories, not those formed by the statistical model.
Despite having the most strongly divergent
distributions, even burst duration shows considerable
overlap. (Note that the distributions for the secondmost important contributor to the classification, f0 at
20 ms into the following vowel, separate in the
unexpected direction: both f0 and f1 have been found
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voicing language to an aspiration one. This is highly
speculative at this point: there is at present no
evidence that we are aware of that aspiration (in terms
of long lag VOT) is starting to appear in stressed
contexts in free morphemes in Standard Dutch. On
the other hand, if it is an incipient change, it may be
able to take hold in a less salient context such as the
unstressed word-internal one examined here first.

simply too few tokens with sufficient amounts of
voicing in the entire dataset for it to contribute to the
assignment of category membership. In other words,
at least in this particular prosodic and morphological
context, there is no contrast between /t/ and /d/ in
terms of phonetic voicing, and the merger with
respect to this phonetic parameter is towards the
voiceless category.
Despite the overlap in voicing ratio and most other
cues, the model performs reasonably well in
separating the two target categories at an 83.6%
success rate. It achieves this classification result by
relying mostly on the duration of the release burst.
The importance of this cue for maintaining the
contrast is striking, given the previous literature:
while it is routinely mentioned as one of the cues to
the Dutch fortis-lenis contrast, it has not been
considered a particularly important one. Pinget does
not consider it as a separate cue, using total consonant
duration instead. Place of articulation may be of
relevance here: Van Alphen and Smits found that
both in production and perception, burst duration
appears somewhat more important for alveolars than
for labials, as the former “seem to carry more of the
voicing distinction in the burst than labial plosives
do” [15].

4.3. Past tense allomorphy

In general, it is important to stress again that the
context we have studied is highly specific,
phonologically as well as morphologically. Past tense
formation in Dutch has excited phonologists for many
years: it is problematic for the so-called ‘laryngeal
realism’ approaches to abstract feature specifications
in that it appears to involve ‘active’ spreading of
voicelessness (that is, the initial stop of the affix
assimilates to a preceding fortis stem-final
consonant), which is predicted not to be possible in
prevoicing languages [6]. The relevance of this
debate hinges on whether the allomorphic
alternations involved in past tense formation are
primarily analysed as phonological (there is a single
past tense morpheme and the laryngeal specification
of its initial stop is derived through spreading from
the verb stem) or lexical (both forms are available in
the lexicon and selection is determined by
phonological characteristics). More recently, the
studies by Ernestus & Baayen discussed above have
shown how the phonological regularity of the process
is often overruled by aspects of lexical analogy. What
Ernestus & Baayen did not explore is how the
mismatches created by affixing the ‘wrong’
allomorph are realised phonetically, but there is
evidence that at least some realisations are
indeterminate, involving features of both the fortis
and lenis categories [11].
What seems likely in any case is that there are
confluent pressures on the contrast in this context:
there is the structural process of final devoicing which
exerts an influence on the realisation of the final
consonant in the verb stem; there is the general
devoicing of fricatives in all contexts in the language,
and there is the early-stages change of stop devoicing.
These may all contribute to the overlap we find for
almost all phonetic cues to the fortis-lenis contrast.

4.2. Predicting the future of the fortis/lenis contrast

Despite the absence of real-time or apparent-time
comparisons, our data have potential implications for
the development of devoicing as a sound change in
progress. The combination of the lack of a true
prevoicing contrast and the fact that the classification
is still mostly successful when it relies on burst
duration suggests there is one of two potential
scenarios unfolding: the contrast between the
categories may be gradually neutralising, and this is
due to the most important cue to the contrast falling
away. Perhaps burst duration will be too unreliable a
cue to carry the contrast alone, with around 16% of
our data already being misclassified. Of course, our
study concentrates on the phonetic informativity of
the past tense affix itself, and the recoverability of the
contrast for the cluster as a whole (stem-final
obstruent plus affix-initial stop) may be higher; on the
other hand, stem-final obstruents and fricatives in
general are among the prime devoicing targets in
Dutch.
Another possibility is that the contrast is a little
unstable, but will ultimately be preserved: recall that
the past tense suffix may be a context in which the
/t~d/ contrast is not particularly informative, but its
functional load in other contexts is high. In that case,
we may be seeing cue restructuring taking place, and
the very earliest stages of Dutch moving from a true

5. CONCLUSION
The allomorphy associated with past tense formation
in Dutch is under pressure due to the relative dearth
of robust cues to the fortis-lenis contrast in this
context. Phonetic voicing appears to play no role at
all, while burst duration emerges as the most
important cue. Whether this is the earliest stage of
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durational differences in production and perception:
Evidence from Dutch. Journal of Phonetics 32, 251–
276.
[18] Wedel, A., Kaplan, A., Jackson, S. 2013. High
functional load inhibits phonological contrast loss: A
corpus study. Cognition 128, 179–187.

more general cue restructuring pertaining to the
Dutch fortis-lenis contrast remains to be seen, but
devoicing as a sound change in progress, both that of
fricatives and – however incipient – that of stops, may
have
a
far-reaching
impact
on
Dutch
morphophonology.
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/ən/, /oŋ/ and considered with more /n/ finals in its
syllable structures [14, 18].
Fuqing Min is a dialect of Eastern Min. Standard
Eastern Min is spoken in Fuzhou, the capital of Fujian
Province. The phonology of Fuqing dialect is close to
that of Fuzhou dialect, except for slight differences in
diphthongs, tone values and tone sandhi rules [10].
Min is primarily known for Southern Min, the language
spoken in the southeast of China, mainly around the
cities of Quanzhou, Xiamen and Zhangzhou.
However, Eastern Min and Southern Min has no
mutual intelligibility. Southern Min has the complete
three coda nasals /m/, /n/ and /ŋ/ while Eastern Min
has only one coda nasal /ŋ/. The coda nasal in Fuqing
has been claimed to be fronting toward /ɲ/ [7].
The uncertainty and instability of nasal POA in
Wuxi and Fuqing are presumably attributed to the
quality of pre-nasal vowels due to the vowel-nasal
coarticulation. Vowels have been found to affect the
POA of adjacent consonants [6]. These coarticulated
acoustic cues facilitate the perception of phonetic
contrasts that are correlated to the neighboring sounds
[15]. The coarticulatory cues on neighboring vowels
specifically influence the perception of POA for
nasals [9]. Previous studies have revealed that vowel
quality has a strong impact on the nasal place
identification [5, 16] and the identification of /n/ and
/ŋ/ codas could be language-specific [4]. Therefore,
this study is interested in whether vowel quality
impacts the nasal POA in Wuxi and Fuqing and
whether this impact can be mirrored by the perception
of Mandarin speakers, whose native language has
both /n/ and /ŋ/ codas.
Diaglossia happens in both Wuxi and Fuqing. All
residents in Wuxi and Fuqing are societal bilinguals.
Wuxi speakers learn Wu first and Mandarin follows.
Fuqing speakers also learn Mandarin as a second
language (L2) but Eastern Min is their first language
(L1). However, with the national popularization of
Putonghua (standard Mandarin) in school education
and mass media, younger bilinguals speak more
Mandarin in daily life than the old generation. The
close contact with Mandarin may result in sound
change of the only coda nasal in Wuxi and Fuqing.
Therefore, this study is also interested in whether
there is a sound change of coda nasal over age group
in Wuxi and Fuqing, which could also be mirrored by
the perception of native Mandarin speakers.

ABSTRACT
Both Wuxi Wu and Fuqing Min have only one coda
nasal, respectively /n/ and /ŋ/. However, Wuxi allows
allophones depending on the pre-nasal vowel while
Fuqing has been described as somewhat fronting
toward /ɲ/. This study investigates how Mandarin
speakers, whose native language has two phonemes
of coda nasal /-n/ and /-ŋ/, perceptually identify place
of articulation of coda nasals in three age groups’
production of Wuxi Wu and Fuqing Min. The results
of forced-choice identification tasks show that nasals
after /o/ and nasal vowel /ɒ̃/ in Wuxi were identified
as /ŋ/ while nasals after /i/ and /ə/ and nasal vowel /ã/
were identified as /n/. In contrast, nasals in Fuqing
were identified as /ŋ/ only after /u/ and /o/ but mainly
as /n/ after /i/, /y/, /e/, /ø/ and /a/. Surprisingly, older
group’s production was identified with more /ŋ/s than
mid-age and younger groups’ in both languages.
Keywords: coda nasal, vowel,
perception, Chinese languages

coarticulation,

1. INTRODUCTION
There were three coda nasals in old Chinese—bilabial
/m/, alveolar /n/ and velar /ŋ/. However, coda nasals
in Chinese have been experiencing a merger process.
Although some modern Chinese languages, such as
Cantonese, Haka and Southern Min, still preserve all
the three coda nasals, some have lost the /m/ coda,
such as Mandarin, Gan and Xiang, and others only
preserves either /n/ or /ŋ/ [2, 17].
Wu is a Chinese language spoken in Shanghai
City, Zhejiang Province and the southern part of
Jiangsu Province. Most researchers agree that there is
no /n/ vs. /ŋ/ contrast in syllable coda in Wu [1, 11,
13]. In some dialects, such as Shanghai and Wenzhou,
the coda nasal is more backward like /ŋ/, while in
other dialects, such as Suzhou, more frontward like
/n/, or even simply concomitant with a velum opening
when producing the vowel and thus like a nasalized
vowel, such as Changshu. However, the nasal place
of articulation (POA) mainly depends on the quality
of the preceding vowel [11, 12].Wuxi Wu has all the
three above-mentioned nasal qualities and they have
been documented with monophthongs as /ã/, /ɒ̃/, /in/,
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the perception experiment. The intensity of the
stimulus words was RMS (root mean square)
normalized to 70 dB. Stimuli were presented in a
random order using the Praat ExperimentMFC
program with Sony MDR-7506 professional studio
headphones. Listeners were asked to participate in a
forced-choice identification task to judge the nasal
type (either ‘n’ or ‘ng’) by clicking the corresponding
button on the computer screen.

2. EXPERIMENT 1: WUXI WU
This experiment examines the perception of coda
nasal in Wuxi Wu by Mandarin speakers.
2.1. Methods

2.1.1. Participants
Eighteen native Wuxi Wu speakers were recruited
from the urban area for three age groups: younger,
mid-age and older (age around 25, 50 and 70). Each
group has three males and three females. All speakers
were born and raised in Wuxi and speak Mandarin as
L2. Mid-age and older speakers have lived in Wuxi
for over 30 years and use Wuxi dialect in daily
communication. Younger speakers speak Wuxi
dialect at home but Mandarin mainly in social
communication.
Twenty native Mandarin speakers (mean age 24.1
years) who were born and raised in northern China
were recruited as listeners. None of them speak other
Mandarin varieties or other Chinese languages. All
participants are familiar with the Romanization
convention for /n/ and /ŋ/, which are noted as ‘n’ and
‘ng’ respectively in Pinyin script.

2.2. Results

A logistic regression was conducted to determine the
relationship between listeners’ responses (two levels:
/n/, /ŋ/) and the two independent variables—vowel
(five levels: /a/, /ə/, /i/, /o/, /ɒ/) and age (three levels:
younger, mid-age, older), using R (version 3.5.0). The
/n/ response was set as the reference level since it is
documented more than /ŋ/ and nasal vowels in Wuxi.
The vowel /a/ was set as the reference level because
the nasal vowel /ã/ was heard as the most /n/ codas
among the five vowels. The older group was set as the
reference level because older speakers were
considered as the most conservative speaker group.
The statistical results are reported in Table 1.
Mandarin listeners’ identifications of Wuxi nasal
production of the younger group are significantly
different from that of the older group; however, there
was no statistical difference between the mid-age and
older groups. Except for /ə/, the nasal identifications
with /i/ and /o/ and the nasal vowel /ɒ̃/ show highly
significant differences from that of the nasal vowel
/ã/. Another set of logistic regression, taking the midage group as the reference level, reveals that the
younger group demonstrates a marginal difference
from the mid-age group (p = 0.069).

2.1.2. Stimuli
The stimuli were high-frequency words and selected
from [13]. All the fifteen monosyllabic words are
high-level tone (marked “44” in the five-scale system
of tone values) and respectively consist of three
consonants /ts/, /tsʰ/ and /s/, three vowels /i/, /ə/ and
/o/ with the nasal coda or nasal vowel /ã/ and /ɒ̃/. The
stimulus syllables were tentatively transcribed as
follows: /tsʰiN/, /tsiN/, /siN/, /tsʰaN/, /tsaN/, /saN/,
/tsʰəN/, /tsəN/, /səN/, /tsʰɒN/, /tsɒN/, /sɒN/, /tsʰoN/,
/tsoN/, /soN/. The target words were embedded in a
carrier sentence /x, tsəʔ kəʔ zɨ dɔʔ x/ ‘x, this character
is read as x’ in the production experiment. The first
“x” in the carrier sentence was extracted as the target
item for the perception experiment.

Table 1: Logistic regression results of nasal
identification by vowel and age in Wuxi Wu.

(Intercept)
ə
i
o
ɒ
mid-age
younger

2.1.3. Procedure
Each speaker recorded 75 target tokens (5 vowels ×3
consonants × 5 repetitions) in the carrier sentence in
a random order with natural voice and normal speech
rate. The stimuli were recorded in a quiet room in
mono channel by a Marantz PMD661 recorder and a
Shure SM10A-CN head-worn microphone and
digitized onto an SD card to save on a personal
computer.
The perception experiment was conducted in a
sound-attenuated booth. The third repetition of the
production experiment was selected as the stimuli of

Est.
1.303
-0.033
-0.929
-3.538
-2.530
0.127
0.277

SE
z
p
0.093 13.964 0.000
0.109 -0.304 0.761
0.101 -9.240 0.000
0.125 -28.332 0.000
0.105 -24.030 0.000
0.081
1.559 0.119
0.083
3.344 0.001

The percentage of /n/ responses in the
identification task by vowel type and age group was
then plotted in Figure 1.
3. EXPERIMENT 2: FUQING MIN
This experiment examines the perception of coda
nasal in Fuqing Min by Mandarin speakers.
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Mandarin listeners’ responses (two levels: /n/, /ŋ/)
were set as the dependent variable. Vowel (seven
levels: /a/, /e/, /i/, /o/, /ø/, /u/, /y/), age (three levels:
younger, mid-age, older) and tone (two levels: 33 and
55) were set as the independent variables. The /ŋ/
response was set as the reference level. Tone 33,
vowel /u/ and the older age group were set as the
reference level because the /ŋ/ responses to these
categories were more than those to other categories
within the same variable.
The statistical results are reported in Table 2.
Mandarin listeners’ identifications of Fuqing nasals
of both younger and mid-age groups demonstrate
significant differences from that of the older group.
All other vowels demonstrate highly significant
differences of the post-vocalic nasal identification
from the vowel /u/. However, the nasal identification
of Tone 55 was not statistically different from that of
Tone 33. Another set of logistic regression, taking the
mid-age group as the reference level, also shows that
the younger group demonstrates a significant
difference from the mid-age group (p = 0.006).

Figure 1: Percent responses of /n/ by vowel and
age in Wuxi Wu.

3.1. Methods

3.1.1. Participants
Twelve native Fuqing speakers were recruited for
three age groups: younger, mid-age and older (age
around 20, 50 and 70). Each group has two males and
two females. All speakers were born and raised in
Fuqing and speak Mandarin as L2. Similar to Wuxi
speakers, younger Fuqing speakers use more
Mandarin in daily communication than mid-age and
older speakers.
Another group of native Mandarin speakers with
the same language background and similar education
background as in Experiment 1 were recruited to
serve as the listeners (mean age 23.5 years).

Table 2: Logistic regression results of nasal
identification by vowel and age in Fuqing Min.

(Intercept)
tone 55
a
e
ø
i
y
o
mid-age
younger

3.1.3. Stimuli
The stimuli were fourteen real monosyllabic words
selected from [7] and consisted of seven vowels /a/,
/e/, /ø/, /i/, /y/, /o/, /u/ and two tones 33 (mid-level)
and 55 (high-level). The stimulus words were
transcribed as /kaŋ33/, /keŋ33/, /køŋ33/, /kiŋ33/,
/kyŋ33/, /koŋ33/, /kuŋ33/, /aŋ55/, /eŋ55/, /øŋ55/,
/iŋ55/, /yŋ55/, /oŋ55/, /uŋ55/. These words were
embedded in a carrier sentence /x, tsie si kaʔ x tse /
‘x, this is the character x’. The twelve Fuqing
speakers were asked to read these stimulus sentences
five times. The first “x” in the carrier sentence was
extracted from the first and second repetitions to
make up the stimuli for the perception experiment.
This procedure generated 336 tokens (2 tones × 7
vowels × 2 repetitions × 12 speakers) for the nasal
identification task.

Est.
2.275
-0.075
-2.261
-2.905
-2.625
-2.422
-2.436
-0.418
-0.485
-0.828

SE
0.106
0.055
0.114
0.119
0.116
0.115
0.115
0.122
0.067
0.069

z
21.426
-1.359
-19.830
-24.401
-22.566
-21.082
-21.189
-3.425
-7.216
-12.033

p
0.000
0.174
0.000
0.000
0.000
0.000
0.000
0.001
0.000
0.000

The percentage of /ŋ/ responses in the nasal
identification task by vowel type and age group was
then plotted separately by tone in Figure 2.
4. DISCUSSION
Experiment 1 indicates that nasals after /i/ and /ə/ and
the nasal vowel /ã/ in Wuxi were mostly heard by
Mandarin speakers as /n/ whereas the nasals after /o/
and the nasal vowel /ɒ̃/ were mainly identified as /ŋ/.
This finding is not surprising since coda nasal in Wu
has been argued to have allophones determined by the
pre-nasal vowel [11, 12]. The POA of the alveolar
nasal /n/ is closest to the tongue position of the central
vowel /ə/ in these three vowels and closer to that of
the front vowel /i/ than that of the back vowel /o/. The
vowel /o/ is far back so as close to the POA of the
velar nasal /ŋ/.

3.1.3. Procedure
The production and perception experiments were
conducted in the same procedure as in Experiment 1.
3.2. Results

Another set of logistic regression was conducted in R
to analyse the results of Fuqing nasal identification.
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Figure 2: Percent responses of /ŋ/ in Tone 33 by
vowel and age in Fuqing Min.

mid-age groups. The left panel of Figure 4 reveals
that the younger group’s productions of /ã/ is further
front than those of other groups.
Experiment 2 indicates that only the nasals
following back vowels /u/ and /o/ were mostly
identified as /ŋ/. Nasals after front vowels /a/, /e/, /ø/,
/i/, /y/ were mainly heard as /n/. These findings,
similar to Wuxi, support again the argument that
vowel quality impacts on the perception and
production of coarticulated neighboring nasals [3, 9].
Although the coda nasal in Fuqing has been
argued as fronting toward /ɲ/ [7], older speakers’
productions of front vowels were identified with more
/ŋ/s than those of younger and mid-age speakers,
suggesting older speakers are more conservative in
the process of language contact and even sound
change. The right panel of Figure 4 takes /a/ for
example to show that the older group’s productions
were either further back or much lower than the
productions of the younger and mid-age groups. This
could contribute to Mandarin speakers identifying the
nasals after the older speakers’ productions of /a/
more as /ŋ/. On the other hand, younger speakers’
productions of back vowels were identified with more
/n/s than those of mid-age and old groups, suggesting
the influence of L2 Mandarin on the young
generation’s production of L1 Fuqing Min.

The nasal vowel /ã/ was heard as /n/ and /ɒ̃/ as /ŋ/
in the forced-choice identification task. Both /ã/ and
/ɒ̃/ show nasalized vowel quality and with no ending
of nasal murmur in the spectrogram as in Figure 3.
However, /ã/ was heard mostly with the alveolar nasal
/n/. This deviates from the finding that English
speakers identified French nasalized vowels /ə̃/, /ẽɪ/
and /ɔ̃/ mostly as /ŋ/ [8]. This difference may be due
to the vowel quality of /ã/ in Wuxi being more like
the vowel /æ/ in /æn/ than the vowel /ɑ/ in /ɑŋ/ in
Mandarin (“an” and “ang” in Pinyin). Mandarin
listeners identified it based on their L1 experience.

Figure 4: Scatter plots of the mid-point F1 and F2
values of /a/ in Wuxi and Fuqing by age group.

Figure 3: Sample spectrograms of nasal vowel /ã/

and /ɒ̃/ in Wuxi.
5. CONCLUSIONS
The two experiments have found that Mandarin
speakers identified the POA of nasals in both Wuxi
and Fuqing based on the quality of pre-nasal vowels.
Front and central vowels resulted in more /n/
identifications whereas back vowels resulted in more
/ŋ/ identifications. Younger speakers produced more
Mandarin-like vowels and vowel-nasal coarticulation,
which resulted in more Mandarin-like nasal
identifications in both languages. Further studies of
nasal acoustics and articulation in Wuxi and Fuqing
will be conducted to compare with those in Mandarin
for insight to the sound change over language contact.

Although the mid-age group did not demonstrate
a difference in their nasal production from the older
group and only the younger group showed a
difference from the old group in general, the younger
group’s production with /i/ and /ə/ were heard with
more /ŋ/s than the other two groups. This may be
attributed to the language contact with Mandarin. The
younger group uses more Mandarin than the other
two age groups. Surprisingly, their productions of /ã/
were heard with more /n/s than those of the older and
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community preserved a natural dynamic vernacular
use. The discrepancy between the planned standard,
intended to adhere to Classical grammar, and the
language used in practice in the early stages of
Modern Hebrew, influences phenomena in Modern
Hebrew to this day. In fact, many of the linguistic
variations used in Present-Day Hebrew originate
from the way Hebrew had consolidated in its first
decades, as the first generations only partially
accepted the planned language. Therefore, in order to
understand different elements of Present-Day
Hebrew and trace the origin of linguistic variations in
use, it is important to study the speech of the first
generations of Modern Hebrew speakers. This will
shed light on ongoing changes in Present-Day
Hebrew.
In Modern Hebrew's verbal system, inherited from
classical Hebrew, all verbs are inserted into one of
seven vocalic verbal templates, historically carrying
different grammatical functions. The verbal template
hiCCiC, called in Hebrew hif'il, is one of seven
morphological templates constituting the verbal
system of Modern Hebrew. In our current research,
we focus on one well-delineated morphophonological
phenomenon, namely the variation between /i/ and /e/
in past tense forms of hif'il. A conspicuous
phenomenon in contemporary spoken usage is the
frequent occurrence of hef'il forms at the expense of
hif’il in wider contexts than those determined by the
rules of traditional Hebrew grammar. This process is
customarily considered as a process of linguistic
change ([1], [4], [10]).
The recent discovery of a special collection of reel
tape recordings from the 1960s that document free,
spontaneous speech opens up new possibilities for the
study of linguistic change in Modern Hebrew.
The Gonen-Reshef corpus consists of recordings
made in domestic settings for private use by a married
couple living in Israel, who regularly documented
their daily and family life since their marriage in the
early 1960s ([3], [9]). These recordings, conducted
over 50 years, document the raising of children and
grandchildren, as well as the social life of the family
members. The couple is of mixed origin (the husband

ABSTRACT
In this study, we investigate a well-delineated
morphophonological
phenomenon in
Modern
Hebrew, the shift from /i/ to /e/ in the past tense verbal
template (binyan) of hif'il. It is based on a corpus of
recordings from the 1960s, which documents
spontaneous speech of the first generations
of Modern Hebrew speakers. Two groups of listeners
(young and old adults) heard a random mix of hif'il
stimuli retrieved from this corpus. The listeners made
binary judgments, whether the first vowel in
the target word was /e/ or /i/. The results demonstrate
a significant difference between the two age groups:
on average, the older participants judged the target
vowels 20% closer to /i/ in comparison to the younger
participants. This was regardless of whether the
words were heard in isolation or in context. These
results give strong support to the hypothesis that there
is an ongoing process of sound change in Modern
Hebrew.
Keywords: Hebrew, spoken language, sound change,
vowels, perception.
1. INTRODUCTION
Modern Hebrew displays historical discontinuity,
atypical among the languages of the world. Between
the end of the 2nd century CE and the end of the 19th
century CE, Jews lived in a state of diglossia (often
multiglossia), in which Hebrew was used primarily
for liturgical and written purposes alongside various
Jewish languages used for daily communication
within the Jewish community, and various
surrounding contact languages. The rise of the
modern speech community, which reflected a
successful attempt of speech revival from the 1880s
onwards, involved language shift among the first
generation of speakers, who were native speakers of
other languages. However, the first generation of
Hebrew speakers could not adopt a concurrent form
of naturally spoken Hebrew, as none existed at the
time. A variety of linguistic models was present in
written Jewish sources; However, no living
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was born in Palestine to parents from Turkey, and the
mother was born in Palestine to parents from
Germany). They have five children, born between
1965 and 1979, and twelve grandchildren (the first
was born in 1992). The family belongs to an average
socio-economic social class, and language use of the
family members (as well as of most other people
recorded) reflects quite typical varieties of daily
speech in Israeli society. Examples of immigrant
language and child language are also represented.
Using data extracted from the Gonen-Reshef
corpus recordings in the 1960s, which document an
earlier phase in the formation of spoken Modern
Hebrew, [3] examined the usages of the forms hif’il
and hef’il in the 1960s. They concluded that the 1960s
recordings attest to a stable realization of the
prescriptive form of hif'il in all age groups, but also to
some deviating forms of hef'il. Therefore they
assumed a recent change from /i/ to /e/ in hif'il.

pre-condition of sound change ([6]), but in most
cases, it does not develop into sound change due to
the abovementioned normalization mechanism,
which is essential for communication ([8]). Ohala’s
theory is supported not only by evidence from actual
cases of sound change in various languages, but also
by the results of experiments aimed at replicating
such changes in the laboratory ([6], [7]).
2. RATIONALE AND OBJECTIVES
Our original intention was to extract a large number
of occurrences of hif’il/hef’il from the Gonen-Reshef
corpus and perform an acoustical analysis on the
appropriate vowels in order to determine whether we
could observe a shift in their production forms over
the time period from the 1960s till the present.
However, it became obvious early on that this
approach would not be feasible, due to several
factors:
 The recording quality was sometimes not
good enough for acoustic analysis due to the
use of dated equipment, background noise
and overlapping speech. This rendered it
impossible to obtain accurate values of the
formant frequencies.
 The spread of occurrences of the target
conjugations was uneven over the range of
years.
Alternatively, we decided to attempt a perceptual
analysis of the target vowels. Pilot experiments soon
revealed that judgments from different listeners could
differ considerably, therefore perceptual judgments
could not be considered as “ground truth”
determining the “true” identity of the vowels.
Finally, we decided to examine the issue from a
different perspective altogether: instead of using
judges to examine the corpus, perhaps the corpus
could be used to examine the judges. Our assumption
was that if sound change had indeed occurred over the
past 50 years, then older judges, more accustomed to
using /i/, would also expect to hear /i/. Younger
judges, more accustomed to both forms, would be
expected to have a weaker preference for hearing /i/.
In summary, the objective of this study was to
determine if older listeners, when judging hif’il/hef’il,
tended more towards judging the first vowel as /i/,
when compared to younger listeners.

Linguists around the world have long
addressed the challenges of language change,
with the intention to identify generalizations that
would promote our comprehension of language
[11]. The aim of this line of research is to trace
language changes, to understand the driving
factors, determine whether these are internal,
external, or extra-linguistic factors, and trace
changes that stem from a convergence of factors
([2]). Within the wide range of theories aiming at
explaining processes of linguistic change, the most
compatible with our research is the observation of
Ohala ([5], [6], [7], [8]), that synchronic variation and
diachronic sound change are interconnected. Taking
into account the fact that variation is the natural state
of languages, whereas change is restricted in scope,
Ohala suggests that the initiation of sound change is
more often than not anchored in perception, namely
in listeners’ variable perception of production
phenomena as representing inherent properties of the
intended linguistic form. According to Ohala,
synchronic variation is inevitable ([5], [6]), but in the
great majority of cases it does not lead to linguistic
change due to a normalization mechanism that
enables listeners to correctly reconstruct the intended
linguistic form even when its phonetic realization is
variable or altered.
However, if a listener fails for some reason to do
so, normalization of the variable form may not occur,
and this listener’s production of the form, once he or
she assumes the role of speaker, may be based on the
variable pronunciation he or she was exposed to in the
first place ([6]). The spread of this new pronunciation
to other speakers or to other lexical items results in
the creation of new linguistic facts in the structure of
the language ([8]). Synchronic variation is therefore a

3. METHODS
3.1 Stimuli

A random sample of twenty occurrences of hif'il/hef'il
in various persons was taken from the Gonen-Reshef
corpus. These were taken from recordings dating to
the 1960s following one principle: a good audio
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Figure 1: Mean judgments and standard errors for
both age groups (young, old) and both type of
stimuli (words, sentences)

quality of each occurrence. The occurrences were
chosen randomly from a variety of different speakers
so that no overlapping speech was found. In some
cases, it was not clear whether the isolated words
would be sufficiently intelligible, and whether the
surrounding context would affect the judgments.
Therefore each such occurrence was extracted both in
isolation and together with the prosodic unit in which
it was embedded. This gave a total of 40 stimuli, 20
isolated verbs and 20 prosodic units (which we term
“sentences” in the sequel) containing the same verbs.
Twelve of the recordings were of female speakers,
and eight were male. The speakers were 20 to 28
years old.

In other words, the younger participants had an
overall tendency to judge the stimuli more towards /e/
(with mean judgments of 0.55 for words and 0.54 for
sentences) than the older judges (with mean
judgments of 0.72 for words and 0.72 for sentences).
In addition, the stimuli type – word or sentence – had
a negligible effect on the judgments.

3.2 Participants

Twenty-four participants were recruited and divided
into two different age groups. Twelve (6 women)
were aged 60-70 (M=67), and twelve (6 women) were
aged 20-25 (M=24). All were native Hebrew
speakers, and all passed a screening procedure for
hearing loss.

5. DISCUSSION

3.3 Procedure

The results of our experiment indicate an ongoing
process of sound change in Modern Hebrew, since
they demonstrate a significant difference between
younger and older listeners regarding their perception
of the examined vowels. This difference is consistent
with former descriptions of a shift from /i/ to /e/
among the younger generation today. Thus, our
experiment shows that younger adults have a stronger
tendency to perceive the vowel /e/ in past tense form
of hif'il than older adults, even in utterances produced
in the 1960s by the first generations of Modern
Hebrew speakers.
Another interesting finding relates to comparison
between the perception of verbs in isolation and verbs
within context. Our initial assumption was that there
would be a difference between the results in the two
different conditions. We expected that within the full
prosodic unit, the listeners would tend to perceive the
vowel /i/, which is the normatively expected vowel.
This assumption was proven wrong and it might
reflect the fact that Modern Hebrew is now in a
transition phase in which both variations are present
in the Spoken Language. The assumption is that in the
near future we will find a greater presence of /e/
vowel in this position.

The participants performed two separate trials,
one on the isolated words and one on the sentences.
In each trial they heard a random mix of the stimuli,
with each stimulus repeated 10 times – a total of 400
judgments for each participant. Each time they heard
a word or a sentence they had to make a binary
judgment, whether the first vowel in the target word
was /e/ or /i/. A decision of /e/ was annotated as 0, and
a decision of /i/ was annotated as 1. The experiment
was run by custom written software running under the
Matlab development package.
4. RESULTS
The 10 judgments of a single judge for a single
stimulus were averaged, giving a number between 0
and 1. Thus we ended up with a table of 40 averaged
judgments per listener – 20 judgments for words, and
20 judgments for sentences. The judgments over all
stimuli in each group were then averaged. The means
per group and stimuli type (word and sentence) are
presented in Figure 1.
Analysis of variance with repeated measures was
performed over the judgments, with Type (word or
sentence) as a within-subject factor, and Group
(young or old) as a between-subject factor. A
significant main effect was found for Group
(p=0.017), and no main effect was found for Type. No
significant Group*Type interaction was found.
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ABSTRACT
This paper examines the plasticity of speech
production and perception in sound change. It focuses
on the merger between the mid-level (T3) and lowlevel tones (T6) in Hong Kong Cantonese and
investigates 1) whether exposure to an unmerged
talker affects the production and perception of this
tonal contrast and 2) how speakers’ baseline
performance interacts with the exposure effect.
Fourteen young speakers (F=10) participated in four
production blocks (baseline, two shadowing blocks,
post-task) in which they read T3 and T6
monosyllables as well as AX discrimination tasks on
T3/T6 minimal pairs.
Significant exposure effect was only found in
production among speakers who were more merged
in the baseline production: T3/T6 difference was
significantly greater in the shadowing and post-task
blocks compared to the baseline. No exposure effect
was found for perception. This finding indicates that
the plasticity of speech production in sound change is
likely subject to phonological constraints.
Keywords: Cantonese, tones, imitation, perception,
mergers
1. INTRODUCTION
A critical issue in the sound change literature lies in
the plasticity of speech production and perception. To
investigate this issue, this study adopts the auditory
naming paradigm to examine the ongoing merger
between mid-level (T3) and low-level (T6) tones in
Hong Kong Cantonese.
Hong Kong Cantonese has six lexical tones, as
illustrated in Table 1. Following the tradition in
Chinese linguistics literature, we use the five-point
system [4] to represent the tonal contours in the
language: five refers to the ceiling of one’s F0 and
one represents the floor. Recent research has
documented several ongoing tonal mergers in Hong
Kong Cantonese, especially those involving the mid
and low tones. The T3/T6 merger, the focus of the
current study, has been documented by Mok and
colleagues [10]. They categorized the participants as
merging and non-merging based on an auditory

screening test and compared their production and
perception of three Cantonese tonal mergers. Of the
169 speakers screened, only 28 were identified by the
authors as potentially merging participants. Acoustic
analysis showed that the merging participants had
reduced “tone space” while retaining six tonal
categories. They also observed much inter-speaker
variability: for example, the misclassification rate of
T3 as T6 based on predictive discriminant analysis
ranged from 2.9% to 52.8%. In the AX discrimination
task, the merging participants had nearly perfect
accuracy rates, but were significantly slower than
their non-merging counterparts in reaction time.
These findings indicate that this merger is still
incipient, which provides an excellent opportunity to
examine the dynamics of the perception-production
link in the process of sound change.
Table 1: Cantonese tones with examples.
Tone
T1
T2
T3
T4
T5
T6

Contour
high-level
high-rising
mid-level
low-falling
low-rising
low-level

Example
si55
si25
si33
si21
si23
si22

Gloss
‘poetry’
‘history’
‘try’
‘time’
‘market’
‘be’

Babel et al. [1] investigated the flexibility of
New Zealand speakers’ production of the ongoing
NEAR/SQUARE merger using the auditory naming
paradigm, in which participants imitated a model
talker who distinguishes the two vowel classes.
Acoustic analysis revealed that participants only
became more unmerged in the post-task block, but not
during shadowing.
Luo and Yao [8] adopted this paradigm to examine
whether young Hong Kong Cantonese speakers (1825 y/o) could reverse the T3/T6 merger via the
imitation of an unmerged old male speaker (age=60).
They found a significant increase in T3/T6 distinction
in the two shadowing blocks, and the post-task
reading had the greatest mean T3/T6 difference.
However, since the study did not report the interspeaker variability in baseline production, it remained
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unclear whether all participants were merging T3 and
T6 prior to the experiment.
Expanding on previous research, this study
examines how the exposure to an unmerged model
talker affects the production and perception of T3 and
T6 among young Hong Kong Cantonese speakers.
Additionally, it investigates how their baseline
production and perception interact with this effect.
2. METHODOLOGY
2.1. Subjects

This paper reports an analysis based on data from
fourteen Hong Kong Cantonese speakers (F=10)
aged 18 to 25 years old.
2.2. Procedures

The experiment was carried out in the following order:
baseline production, baseline AX discrimination,
shadowing block 1, shadowing block 2, post-task
production, post-task AX discrimination, and posttask questionnaire. The order of trials was
randomized by block. For each block, practice trials
(two for production, eight for perception) were
provided.
In the baseline and post-task production blocks,
the participants read out the characters in isolation.
For each trial, a character was displayed in the middle
of the screen for 2500ms after a fixation point was
shown for 500ms. In the two shadowing blocks, the
stimulus was played 200ms before the character was
displayed. The participants were instructed to follow
the talker in reading out the characters. In the AX
discrimination trials, the question “are the two
Cantonese pronunciations the same?” and the
responses “same” (left) and “different” (right) were
presented on the screen. The participants pressed the
‘f’ or ‘j’ key to indicate their responses. The
correspondence between keys and responses was
balanced across subjects. Reaction time was
calculated from the onset of the second syllable.
The subjects participated in the experiment
individually in a sound-attenuated booth.
OpenSesame 3.2.5 was used for stimuli presentation
and data collection.
2.3. Stimuli

Monosyllables were used in both production and
perception parts of the study, and all reading materials
were presented to the participants in traditional
Chinese characters. All characters had more than
3,500 occurrences in the Chinese Character
Database [12], a corpus for Cantonese pronunciations.
Three T3/T6 minimal pairs, 12 T3 and 12 T6 syllables
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with no minimal pairs were included in the
production tasks. In the baseline and post-task blocks,
all 30 syllables were produced. In the two shadowing
blocks, two of the minimal pairs, 12 of the nonminimal-pair syllables (six for each tone) were used.
In the pre- and post-exposure AX discrimination
tasks, the same 13 T3/T6 minimal pairs were used,
including the three pairs from the production tasks.
These monosyllables were used to construct 13 AX
trials and 12 AA trials for each block. Of the 13 AX
trials, seven were in the order of T3/T6, and six were
presented as T6/T3. Six T3 and six T6 syllables were
used in the AA trials.
Fillers were included in all blocks. All filler
materials were of either T1, the high-level tone, or T2,
the high-rising tone. Specifically, 13 minimal pairs
and 26 non-minimal-pair syllables (six for each tone)
were included. The minimal pairs differed in their
segmental features. Similar to the critical trials, three
minimal pairs and 26 non-minimal-pair syllables
were used in the baseline and post-task production
blocks, and two minimal pairs and 12 non-minimalpair syllables were included in the shadowing blocks.
For each perception block, 13 AX and 12 AA filler
trials were included, matching the critical trials.
Stimuli in the shadowing blocks and the AX
discrimination tasks were produced by the same
phonetically-trained 24-year-old male Cantonese
speaker who was born and raised in Hong Kong. The
recordings were made in a sound-attenuated booth at
a sampling rate of 44.1 kHz. The speaker was aware
of the experimental design and self-reported that he
regularly makes the distinction. The mean T3/T6
difference of the stimuli is 23.02Hz or 1.85(T) after
normalization (see Section 2.4). The T3/T6 difference
tested significant in a paired t-test for the 13 T3/T6
minimal pairs (t(13)=46.982, p < 0.001) and in a t-test
for the 12 T3 and 12 T6 syllables (t(20.423)=21.524,
p < 0.001).
2.4. Analysis

In total, 1288 critical syllables (92 syllables * 14
participants) were collected for the production study,
however, 5 tokens were excluded from the analysis
due to speech errors (e.g. producing T3 as T2).
Syllable boundaries were automatically marked in
Praat and hand-corrected for alignment errors. The F0
for each syllable was extracted at 12 equidistant
points using a script. In order to reduce the variation
due to physiological differences across subjects, F0
values in Hz were normalized using formula (1). This
widely adopted formula [6] [13] transforms the F0
values into T, a scale that is comparable to the
traditional five-tone tone system. The mean of the
middle two-thirds of the normalized F0 values was

taken as the dependent variable in the statistical
analysis.

explore the effect of baseline production, participants
were divided into two groups based on their
normalized F0 (T). Given that T3 and T6 are
traditionally represented as 33 and 22 respectively in
the five-point system as shown in Table 1, we decided
to use 0.5 as the cut-off line, resulting in eight
merging and six non-merging participants.
For the merging participants, the interaction
between tone and block was significant (χ2(3)
=30.283, p<0.001). As shown in Table 2, which
reports the output for the merging model, the T3/T6
differences in the shadowing blocks and post-task are
significantly greater than in the baseline. Figure 1
illustrates the mean normalized F0 (T) by block:
T3/T6 difference increases from the first to the
second shadowing block, but decreases in the posttask block. The F0 (T) for both T3 and T6 are raised
during the shadow and post-task blocks, but the shift
in T3 was much greater. This pattern is likely a result
of the greater acoustic space available for the midthan low-level tone in Hong Kong Cantonese. For the
non-merging group, as displayed in Figure 2, the
mean T3/T6 difference increased during the
shadowing blocks, but became even smaller than the
baseline in the post-task condition. Such an
interaction between tone and block was only trending
in the statistical analysis (χ2(3) =6.557, p=0.087).

(1) T = 5 * ((log (F0x)-log(F0min)) / (log(F0max)log(F0min))
where F0x is the pitch value at a given time point, F0
max and F0min represent the maximum and minimum
pitch value of a given speaker respectively

For perception, accuracy and reaction time data
were collected from 364 (26 pairs * 14 participants)
AX trials and 336 (24 pairs * 14 participants) AA
trials respectively. In order to eliminate inattentive
responses, those with reaction time (ms) two standard
deviations away from the mean were excluded,
resulting in the removal of 4% of the dataset. In order
to satisfy the normal distribution model assumption,
log-transformed reaction time was used in the
hypothesis testing.
The statistical analysis of both production and
perception data was conducted with mixed-effects
modeling in R [11] using the lme4 package [3]. Pvalues for factors were determined using loglikelihood comparison, and p-values for levels were
generated using the lmerTest package [7].
3. RESULTS

Table 2: Model estimates and standard errors

3.1. Production

Estimate
(std. error)
(Intercept)
1.583 (0.137)***
Tone = T6
-0.265 (0.084) **
Block = post-task
0.393 (0.155) *
Block = shadow 1
0.466 (0.09) ***
Block = shadow 2
0.579 (0.104) ***
Minimal pair = yes
-0.07 (0.055)
T6 : post-task
-0.184 (0.064) **
T6 : shadow 1
-0.314 (0.079) ***
T6 : shadow 2
-0.410 (0.079) ***
* p < 0.05, ** p < 0.01, *** p < 0.001

The production tasks examine whether participants
converge to the unmerged talker, and how their
baseline production and perception interacts with the
convergence effect. Therefore, two mixed-effects
models with similar structure were run with
normalized F0 (T) as the dependent variable, one for
the production interaction, and the other for the
perception interaction. In the production interaction
model, the independent variables included tone (T3,
T6), block (baseline, shadow 1, shadow 2, post-task),
by-speaker mean T3/T6 difference in baseline
(normalized F0), the three-way and two-way
interactions between these factors, as well as minimal
pair presence (yes, no). In the perception interaction
model, the by-speaker T3/T6 difference was replaced
with the by-speaker mean log-transformed reaction
time for the AX pairs. The presence of a significant
three-way interaction would indicate the effect of
baseline performance on imitation. Design-driven
maximal random effect structure [2] was included: by
subject intercept, tone by subject slope, block by
subject slope, and by syllable intercept.
Log-likelihood model comparisons revealed
significant three-way interaction for the production
interaction (χ2(3) = 9.258, p=0.026), but not the
perception interaction model. In order to further

for normalized F0 (T) for merging participants
3.2. Perception

The accuracy rates for the AX discrimination tasks
were extremely high: only four errors were found
across all participants, which corroborates Mok
and colleagues’ [10] findings.
For log-transformed reaction time, the AX and AA
pairs were tested separately. As is with the case for
normalized F0, for each pair type (AA, AX), two
mixed-effects models were built to examine how the
baseline production and perception performance
interact with the exposure effect on log-transformed
reaction time. The independent variable included
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production and perception of a tonal pair (T3/T6)
undergoing merger in Hong Kong Cantonese, and
how speaker’s baseline production and perception
interact with this process. The significant effect of
exposure was only found in the production of
speakers who were more merged in the baseline
production: T3/T6 difference was significantly
greater in the shadowing and post-task blocks
compared to the baseline.
This finding also has some implications for the
link between perception and production, which
constitutes another key question in sound change
[14]. If there were a direct and unmediated
perception-production link, we would expect all
participants to show similar patterns of imitation
regardless of their baseline production. Nonetheless,
only the merging participants, namely, those who
showed less T3/T6 distinction in the baseline
exhibited imitation and maintained greater
distinction in the post-task block. For the nonmerging speakers, the trend was that the T3/T6
distinction only increased during shadowing but did
not persist afterwards. The absence of significant
imitation effect among the non-merging speakers
suggests that the plasticity of speech production in a
sound change is likely subject to phonological
constraints. This finding corroborates Mitterer and
Ernestus’ [9] work which shows that phonologically
irrelevant information is less likely to be imitated.
The effect of exposure for perception was absent
in either accuracy or log-transformed reaction time.
Given that Cantonese speakers consistently
performed at ceiling in the standard AX
discrimination task with monosyllables in Mok et al.
[10] and the current study, it could be the case that
significant perceptual confusability of tonal pairs
would only arise in more challenging listening
conditions.
With regard to perception, with contrasting the
results from Mok and colleagues [10], I found no
significant difference in reaction time between the
merging and non-merging participants. This
discrepancy may result from the different methods
for distinguishing between merging and nonmerging participants in the two studies. In Mok et al.
[10], the merging participants were identified
through an auditory screening by the authors,
whereas in the current study, the distinction of the
two groups was determined by acoustic measures.

block (baseline, post-task), mean baseline normalized
F0/mean baseline log-transformed reaction time, and
their interaction, and the random effects included by
subject intercept, block by subject slope, and by
syllable intercept. For both AX and AA pairs, the
mean log-transformed reaction time was shorter in the
post-task block, but the difference was not significant.
The two-way interaction did not test significant in any
model, suggesting that baseline performance did not
interact with the effect of exposure. This pattern
contradicts Mok et al. [10], which found that the
merging participants were significantly slower than
their non-merging counterparts.
Figure 1: Normalized F0 (T) for T3 and T6 by
block for merging participants. Error bars
represent 95% confidence intervals.
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Figure 2: Normalized F0 (T) for T3 and T6 by
block for non-merging participants. Error bars
represent 95% confidence intervals.
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fieldwork, child speakers, naturalistic settings,
clinical interventions or existing video corpora.
When articulatory instrumentation is used,
speech is often elicited in relatively short and tightly
structured tasks, e.g. reading short wordlists or
sentences aloud. Such experimental demands might
be thought to make speech more formal, clear, and
hyperarticulated than natural everyday speech. And
though vernacular and naturalistic speech occurs
during articulatory investigation of dialogue, less
work also addresses single words elicited in isolation
through picture naming or reading aloud [10].
Interactive discourse is better for the study of global
aspects of clear speech [7] [9] [12], but it is easier to
focus on specific phonological contrasts using more
traditional experimental methods.
Speech therapy and language learning also
involve interactions very different from day-to-day
conversation, rich in meta-linguistic feedback. They
elicit clear speech, albeit “clear” in a different sense
to speech in noise. The goal may be to introduce a
perceptible phonemic contrast, or to enhance an
established one, to be more accurate and intelligible.
While audio recordings of such interactions are
relatively easy to obtain in principle, articulatory
data is not. It has almost entirely been studied in the
clinical domain, mostly with electropalatography
[14], because it has been being used therapeutically
for real-time feedback. More recently, ultrasound
tongue imaging has emerged as a feedback tool with
cost and ease-of-use advantages. Longitudinal
datasets of clinical interaction can be collected
during therapy [4], and are being made available [5],
incorporating ultrasound, audio and videos of the
lips. Similar language learning corpora will follow.
Therefore we think it useful to examine clearly
spoken wordlists using the non-invasive articulatory
techniques of ultrasound tongue imagine and facial
video. Here and in a companion paper [13] we
compare neutral (non-interactive) wordlist-speech
with a clearly-spoken (interactive) alternative, with a
primarily phonological goal: understanding how and
whether phonological contrasts are enhanced. We
adapt existing methods and use them to explore if
and how clear speech differs from standard baseline
productions of wordlists read aloud.

ABSTRACT
We describe articulatory differences (lingual and
labial) between two versions (neutral and clear) of a
CVC wordlist of 12 targets (V = /ieaɔoʉ/; C_C =
/p_p/ or /m_m/). A companion paper describes the
background; the participants, materials and tasks; the
impressionistic and acoustic results.
Labial measures reflect vowel opening (and
edge-spreading) and consonant compression using
fleshpoint markers captured by head-mounted video.
Consonant closure and total word duration are based
on visual judgement of complete closure. Ultrasound
data provides the absolute area between neutral and
clear mid-sagittal tongue-surface splines at the
maximum of each vowel target, and a qualitative
description of tongue shape and location.
Strong and systematic interspeaker variation was
evident in how articulation, acoustics and functional
clarity were enhanced. Some large phonologically
motivated segmental hyperspeech enhancements
were observed, but they were not related
straightforwardly to the phonological oppositions in
the material nor consistently used by all speakers.
Differences in utterance initiation are also discussed.
Keywords:
Lombard
speech,
ultrasound, intelligibility, labials.

hyperspeech,

1. INTRODUCTION
A functional drive for speech to be clearer, i.e. more
intelligible than it would otherwise be, can arise in a
range of contexts more challenging than the norm,
particularly through attenuation of the acoustic
signal. A speaker can increase their clarity using a
variety of means, which can be studied
experimentally using a variety of approaches. A
large body of research has found some common
mechanisms (potentially universal in origin) but also
a fair amount of variation [3] [6] [7] [12].
Research into the articulation of clear speech is
more unusual. It primarily uses flesh-point tracking
e.g. with electromagnetic articulography (EMA) [7]
or motion capture [12], or video analysis of the face
and lips [9]. The non-invasive character of the latter
is appealing, particularly when the research involves
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orientation and size of the reference tape strip in the
video image was much more affected by skin
distortions than the mid-sagittal lip tapes.

2. METHOD
The elicitation protocol, materials, and acoustic
segmentation and analysis are described elsewhere
[13], as are the ultrasound hardware and audioultrasound synchronisation [15]. Here we focus on
more novel aspects of the method.
A commercially-available stabilising headset was
used to stabilise the ultrasound probe [1] while
permitting
natural
head-movement
during
interaction with interlocutors. The headset comes
with an option to mount a micro-video-camera
(interlaced colour VGA NTSC output rated at ~30
frames per second, de-interlaced to 60 fps). Previous
work has used this type of fixed-perspective camera
for various purposes. The consistent viewpoint
makes automatic speech-recognition (e.g. for a silent
speech interface) much more tractable [8]. It assists
in qualitative analysis (including transcription). It is
useful also to evaluate ultrasound probe stability
within the mid-sagittal plane, through comparison of
upper incisors with visible parts of the headset,
because their relative positions should be fixed.
Typically, a single camera is mounted on an
adjustable sagittal frame, positioned to give a profile
view of the lips. Sometimes a second camera is used,
e.g. in the Dynamic Dialects website [11], which
used a video mixer to pre-mix images from the two
cameras together before digitisation.

Figure 2: Edges of white adhesive surgical tape
provided labial references on the lips. Small
adhesive 3D hemispheres (3mm diameter) and/or a
blue pen-drawn  or + mark specific fleshpoints.

Linear measurements (arbitrary units) were made
from the frontal images (Fig 2 upper panel) between
the edges of the strips at time-points corresponding
to maximal opening (for the vowel targets) and
maximal constriction (for the consonant targets). A
linear measurement of the distance in the profile
image from the centre of the upper lip 3D
hemisphere to the centre of the corner hemisphere
(Fig 2 lower panel) estimated maximum lip spread.
Ultrasound data capture, measurement and
analysis used Articulate Assistant Advanced™ [2],
using Ultrasonix hardware. A micro-convex probe
scanned a 135° field of view using 63 hardware
scanlines at a frame rate of 121fps. Automatic edgetracking was performed in AAA for each frame in
and around a word, using a vowel-specific guide
template that set an envelope within which the bright
regions corresponding to the tongue surface were
tracked as a spline. For a typical CVC word with
around 500ms of articulatory activity (Table 1),
approximately 60 frames were auto-tracked.
For quantitative analysis, extreme anterior and
posterior regions of the image not corresponding to
the tongue were discarded. Parts of the image
containing parts of the tongue tip and lower-root
data that were not well-imaged or tracked were also
excluded (Fig 3). Thus analysis was limited to a
sector of interest, comprising 23 AAA analysis
fanlines for S2-4, and 21 for S1 (around 76° and 69°,
respectively). AAA recorded confidence levels for
the edge-tracked splines within this sector.

Figure 1: American Speaker 44, Georgia, USA.
“Goose”. From [11]. Screen grab.

We adapted this procedure, additionally affixing
small strips of sterile adhesive white tape
(Micropore™, manufactured by 3M). One strip was
attached in a mid-sagittal location onto the upper lip
either entirely within the vermillion zone or crossing
over the vermillion border onto the face. Another
was likewise placed onto the lower lip in such a way
that one quasi-horizontal edge of each strip was
always visible (Fig 2). The inner white straight
edges of the tape provided the main reference for the
analysis of upper-lower lip mid-sagittal aperture and
constriction, as viewed by the frontal camera.
An additional tape strip was attached just
superior to the corner of the mouth and in view of
the profile camera. It was hard to find an optimal or
replicable location for this location, and the
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distance between the clear and neutral vowels was
averaged for all fanlines in any case. Given so few
participants (n=4) and so many measures, this pilot
study reports indicative results descriptively.

Figure 3: Example (S4) average mid-sagittal tongue
splines (thick lines) rotated to occlusal plane. The sector
of interest is between the two dashed radial fanlines.
Lower confidence areas of splines are paler. These six
neutral vowels illustrate the whole vowel space.

3. RESULTS

o

ɔ
a

ʉ

e

i

For three speakers, articulatory word duration
(C2end-C1start) appeared longer in the clear condition
(Table 1), for /m/-words and /p/-words alike, and for
almost individual vowel pairs. See below for S2.
Table 1: Articulatory word duration (ms) from the
start of C1 closure to the end of C2 closure.

Seven splines at equal increments during each
acoustic vowel were exported to the workspace from
the six CVC tokens of that target. Thus 42 splines
were averaged to create a profile for each neutral
and each clear vowel. For each vowel, the built-in
AAA difference function was used to measure a
clear-neutral difference and estimate its significance
(correcting for the non-independence of the timenormalised splines from within each vowel by
adjusting p-values by a factor of 7). For each of the
23 (or 21) analysis fanlines, the two conditions were
compared, and flagged as “different” if 5 or more
contiguous fanlines (16.45° or more) were
significantly different. The absolute linear radial

S1
S3
S4

/m_m/
neutral clear
487
571
571
630
378
504

/p_p/
neutral clear
515
532
559
658
321
559

S1 and S3 showed a big increase in lip opening
for some or all vowels in clear speech (Fig 4 upper
panel). Perhaps S2 showed a very slight change. No
consistent difference was observed for S4. The
vowel with most opening varied. For lip spreading,
the effect of the phonological specification of
roundness was much more clear than vowel height
(Fig 4 lower panel). There was no clear speech
change (apart probably for S3) in spreading. /m/words and /p/-words behaved alike, so were pooled.

Figure 4: Upper panel = lip opening, lower panel = lip spreading. Clear (solid) vs. neutral (dashed), S1-4 (left to
right). Arbitrary units. /m/-words and /p/-words were pooled, so each data point is based on six tokens.

For C1 duration (not shown), S1 and S3 had a
consistent increase across all vowel contexts for /m/words. S4’s pattern was not clear. S2 could not be
measured: this speaker tended to start each trial with

a closed mouth that could not be differentiated from
the initial labial consonant (Table 2). Final /p/ was
generally released with a burst and final /m/ was
usually released (silently) after the offset of voicing.
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Only S3 seemed to make a difference in lip
compression in clear speech (not shown), by
compressing both /m/ and /p/ in both C1 and C2.

4. DISCUSSION
As well as more participants, a control experiment is
needed, comprising two neutral conditions. This will
provide useful information on zero-effects.
The small adhesive 3D hemispheres provided a
reference point reliably visible to a profile camera.
Surgical tape provided a safe, non-interfering and
discomfort-free bed for fixing them, and the edge of
the adhesive tape was in fact very easily tracked (in
manual measurement) in the frontal camera data.
Automatic analysis of small 3D objects of a
contrastive colour to facial and vermillion-lip skin
tone (and white tape) ought to be achievable, e.g.
with feature-extraction methods [8]. This would
facilitate the analysis of protrusion, constriction and
compression by adding fleshpoints within the
vermillion zone to measures of the cross-sectional
area of lip aperture, wireframe 3D models of the
lips, and the kinematics of more familiar fleshpoints
lying outwith the lips themselves (e.g. [6] [7] [9]).
Here we were limited to 2D planar analysis and
did not correct for changes in depth (hence arbitrary
units of measurement were used, particularly
relevant for the profile camera). The frontal camera
gave a reasonable view of complete closure as well
as fleshpoint minima and maxima from tape.

Table 2: Number of tokens (of 18) in which C1
articulatory duration could not be measured due to
lack of lip opening prior to word production.

S1
S2
S3
S4

/m/
neutral clear
10
0
15
11
0
0
13
2

/p/
neutral clear
0
0
17
16
0
0
11
1

In the ultrasound data, it is worth noting the
extent of fronting and lowering of /ʉ/ (GOOSE and
FOOT) vowel (e.g. Fig 3). S1 and S2 distinguished
clear from neutral versions of the vowels (Table 3),
while S3 and S4 seemed not to. See also [13]. In
absolute terms, the radial distance differences were
extremely small.
Table 3: Number of analysis fanlines flagged with
a neutral vs. clear difference in AAA. (Bracketed if
fewer than 5 were contiguous.) Diff is the average
radial difference (mm).

S1
S2
S3
S4

i
18
7
(3)
(7)

e
16
7
14
(2)

a
(9)
16
5
15

ɔ
6
20
(2)
(3)

o
6
21
(3)
(5)

ʉ
10
12
(3)
(0)

Diff
1.26
1.33
1.12
0.85

4. CONCLUSION
Our articulatory results (also [13]) support previous
observations that when enhancing intelligibility in
difficult communicative environments, we should
expect speaker-specific behaviour. Individuals seem
to vary systematically in how they approach the
discriminability of phonological contrasts, even
within-task and within-dialect. It is difficult to
conclude that clear speech enhances phonemic
oppositions in a straightforward general way such as
a uniformly maximised dispersal in multidimensional phonetic space. Even for binary feature
oppositions e.g. /m/ vs. /p/, let alone the multiple
oppositions in a vowel inventory, many options are
possible. Though additional participants will enable
meaningful statistical analysis, we do not expect this
conclusion to change.
In addition to global phonetic augmentation (e.g.
greater intensity and overall duration), holistic
aspects of clear speech also involve the ways in
which speakers plan and implement transitions from
non-speaking pre-speech resting positions into
speech itself. We therefore agree that there can be
phonologically-relevant responses to difficult
communicative
conditions.
The
specific
enhancements used, however, and the phonological
oppositions they relate to, seem likely to vary.

Speech initiation showed interesting speakerspecific effects. All speakers waited for the prompt
to appear on the screen with a closed mouth, and
three then nearly always opened their mouth (with or
without an in-breath) before initiating word
production, which included labial closure needed to
produce the word-initial labial consonant. Speaker
S2, on the other hand, was tight-lipped, in the sense
that 72% of /m/ words and 92% of /p/ words were
initiated from a closed-mouth resting position
without any intervening lip-opening (Table 2). S1’s
10 tokens of this “stay-closed” type were all /m/ in
the neutral condition, suggesting an interaction of
segmental and stylistic planning. S3 on the other
hand always first opened their mouth, initiating their
segmental labial closure from an open mouth
starting point. S4 had 24 out of 27 cases lacking any
mouth opening, but these were strongly pattern by
task: “stay closed” initiations were all were in the
neutral condition. Unlike S1, this applied equally to
/m/ and /p/. At offset, S4 was unusual in not
releasing C2 every time: five cases all involved /m/.
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ABSTRACT

pitch [13], or spectral amplitude envelopes [14].
Some have looked at perceptual similarity as assessed by AXB tests rather than acoustic parameters
(e.g., [19, 10]). In addition to these studies on conversational speech, a number of studies have confirmed speakers’ ability to adapt these parameters in
non-conversational settings such as naming or shadowing tasks (e.g., [17, 5, 3, 1, 2, 18, 6, 16]).
However convergence of voice quality (VQ) has
received much less attention so far. To our knowledge, only [13] have looked at such parameters in a
conversation setting. Specifically, they looked at jitter, shimmer, and harmonics-to-noise ratio (HNR) as
well as other phonetic parameters unrelated to VQ.
All in all they found some evidence of convergence
of the VQ parameters, but less than for other phonetic parameters.
Hence the question whether VQ parameters are
subject to phonetic convergence effects is not yet exhaustively answered. Voice quality is often considered a speaker-inherent parameter and thus the question arises if speakers can be expected to be influenced at all by a dialogue partner’s VQ characteristics. On the other hand, [12] posits that some aspects
of VQ, for instance harshness, can be imitated (and
are used to index social information).
The present study contributes to this question by
investigating convergence of VQ. We use two kinds
of VQ parameters suggested by [29], viz. spectral
decay rates and the relative bandwidth of the first
formant. The spectral decay rates aim at the shape
of the excitation spectrum, i.e. they mirror the glottal
cycle. A rapid closing of the vocal folds e.g. causes
a sharper voice and a whiter (flatter) spectrum than
slower closing.
Such VQ parameters based on the harmonic spectrum were introduced as amplitude differences (in
dB) by [27] and named after temporal phenomena
such as open quotient (OQ), glottal opening (GO),
rates of closure (RC) and skewness (SK). To reduce
the influence of changes in fundamental frequency
(F0) they are modified here to spectral decay gradients as suggested by [29]. An advantage of this set
of VQ parameters is their noise robustness [15].

This study investigates the adaptation of voice quality between dialogue partners in natural spontaneous
conversations using data from a German database
containing approximately 20 hours of speech from
46 dialogues. The voice quality parameters are spectral decay ratios and relative bandwidth of the first
formant. Spectral decay rates are estimated using
amplitudes and frequencies of the harmonic peaks
of the first and second harmonics and the harmonics near the first four formants. Results of linear
mixed effects models predicting speakers’ current
parameters from partners’ preceding ones indicate
that speakers converge, i.e. consistently adapt several of these parameters to those of their partner. In
some cases, the adaptation depends on mutual likeability and competence ratings, and can be negative.
In addition, voice quality parameters vary with these
ratings in general, indicating that perception of the
partner has an effect on speakers’ voice quality irrespective of partners’ voice quality.
Keywords: convergence, voice quality, mutual social perception, spontaneous speech
1. INTRODUCTION
For a number of years now there has been growing
interest in the phenomenon of phonetic convergence.
This phenomenon, sometimes also referred to as accommodation, alignment, or entrainment, with possibly slightly different conceptualizations related to
the different terms, refers to the fact that speakers
may adapt their style of speech to become more similar to that of an interlocutor. According to Communication Accommodation Theory (CAT), e.g. [9, 8],
convergence decreases social distance between conversation partners and can signal identification with
the conversation partner’s social group [7].
There is also a considerable number of studies by
now which have investigated convergence of various
phonetic parameters in conversation, for instance
formants [20, 21, 22], voice onset time [26], articulation rate [21, 13, 24], keyword duration [22],
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assessing convergence below look as indicated in
Eq. 1, where V QP is a place holder for the respective
VQ parameter, prec. V QP refers to the partner’s parameter from the preceding turn, and like and comp
refer to the likeability and competence score that the
speaker has given to the partner.
VQP ∼ prec.VQP + like + comp
+ like:prec.VQP + comp:prec.VQP
(1)
+ (1|speaker) + (1|partner)

In addition to these parameters, the relative bandwidth of the first formant is intended to capture the
damping of the vocal tract resonances, in particular
of the first formant [28], caused by the open glottis.
2. DATA AND METHOD
2.1. Speech corpus

This study uses recordings of spontaneous conversations from the GECO database [24, 25]. This
database comprises 46 conversations between German females, adding up to just over 20 hours of
speech. They were recorded over headsets in an
anechoic chamber. Speakers in that database were
free to choose and switch topics in their conversations, there was no joint task to be carried out. The
database provides annotations of all conversations
on the phone, syllable, and word levels. Speakers
rated each other after every conversation regarding
various aspects of social attractiveness on 5-point
Likert scales from +2 to -2. [24, 25] aggregated the
ratings of friendliness, likeability, relaxedness, and
social attractiveness to form a composite score for
a broader concept of likeability with scores ranging
from +8 to -8; likewise competence was aggregated
from ratings of self-confidence, successfulness, intelligence, and competence. We adopt this procedure here.

The last two terms in Eq. 1 are random factors (intercepts) to account for speaker-dependent effects on
VQ both for the speaker and the partner. Please note
that both fixed factors and random terms were not
determined by a model selection process but were
chosen because they are theoretically motivated.
2.3. Voice quality parameters

The spectral decay rate parameters are based on amplitude and frequency measurements of several harmonic peaks, an estimate of F0, and formant parameter estimates [29]. Concretely, the first two harmonics (H1, H2) and the harmonics near the first
four formants (A1P through A4P) are employed.
The harmonic peaks are sought in a short term spectrum with a 25ms (Hamming) window. This window is long enough to show the spectrum of two
or more fundamental periods in order to reveal the
speech signal’s harmonic structure. The analysis is
repeated every 10ms.
In a next step, the vocal tract resonance contribution is subtracted from these peak amplitudes. The
compensation is indicated by symbols ending in i
(for inversely filtered, as in H1i) in Fig. 1 and in the
parameter names in the following.
Spectral decay gradients were introduced by [29]
instead of amplitude differences to compensate
changes in both F0 and formant frequencies at unchanged VQ: An increase of F0 shifts all harmonics
to higher frequencies and also increases their distance. Assuming an unchanged slope of the spectrum of the voice source, the increased distance between the harmonics also increases their amplitude
difference (e.g. if in Figure 1 the slope of the line
connecting the peaks of H1i and H2i is unchanged,
and the peak of H2i occurs at a higher frequency,
then its amplitude will necessarily be lower). By
this mechanism the parameters, for instance OQi =
H1i − H2i, increase just by increasing F0 without
changing the phonation. The corresponding spectral
gradient however, e.g.

2.2. Quantifying convergence

The present study assesses convergence by calculating linear mixed models [4] that predict a speaker’s
VQ parameters in each turn by the partner’s ones
from the preceding turn, including social ratings as
additional factors. If speakers converge, i.e. if they
adapt their VQ to become more similar to that of
the partner, then the partner’s VQ parameters should
be significant predictors of the speaker’s parameters,
with a positive coefficient. A negative coefficient on
the other hand would indicate divergence.
We expect that convergence is related to social
factors, as posited by CAT, so the social scores
should be included in interactions with the partner’s
preceding parameters. Positive coefficients for the
interactions again indicate a positive effect: more
similarity for higher than for lower social scores. In
turn, negative coefficients indicate that there is less
similarity for higher scores, i.e. divergence in case
of higher social scores. For ease of interpretability we exclude the interaction between all three factors. Potentially the social scores could also affect a
speaker’s VQ in general, and they are also included
as main factors. Hence the models we will use for

OQGi =
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OQi
log2 2F0P − log2 F0P

strategy to remove data points that were more than
1.5 times the interquartile range higher (lower) than
the upper (lower) quartile. This applied to no more
than 50–200 data points for each parameter and thus
did not significantly reduce the data further.
We then identified 6761 “turns” by detecting
switches between speakers in the remaining data
and calculated VQ averages for each parameter for
each turn. In order to exclude turns that consist of
only a backchannel, which in our experience are often more murmured than what is observed in fluent
speech, we excluded turns where no more than 2
vowels had contributed in calculating the turn averages, leaving 3842 turns for statistical analysis.

stays constant: in case of OQGi, it is the decay
slope of the leftmost triangle in Figure 1. The same
argument applies to changes of each VQ parameter
defined by harmonic amplitude differences. Figure 1
shows the appropriate spectral decay gradient triangles. Parameter names (OQGi through T4Gi) are indicated at the top right corner of each triangle.
Figure 1: Spectral decay gradient triangles. Vertical lines correspond to harmonics. Triangles visualize the spectral decay gradients, see text.
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3. RESULTS
F4P

For each VQ parameter, we fit a linear mixed model
[4] to predict the values observed in the current turn
by the VQ parameter of the partner from the preceding turn, as explained in Section 2.2, in Eq. 1. We
used the implementation in lmerTest [11] to estimate
Satterthwaite degrees of freedom and associated pvalues. The VQ parameters are already scaled and
centered after preprocessing as described above; the
social scores were also scaled and centered for statistical analysis. Table 1 lists the results for all six
VQ parameters. First cells in the gray rows indicate
the name of the VQ parameter. In each subtable,
prec refers to partners’ values of the respective parameter in the preceding turn.
As discussed above, positive coefficients (column
“Est.”’) for prec (if significant) indicate a general
effect of convergence, and negative ones indicate divergence. Table 1 thus attests general convergence
effects for OQGi, RCGi, T4Gi, and IC. For GOGi
and SKGi, there is no significant effect. In no case
do we observe a general effect of divergence. In addition to these general convergence effects, we find
main effects of the mutual social scores: for all parameters, partners’ perceived competence negatively
significantly affects speakers’ VQ parameters, as evidenced by the negative coefficients for comp in all
cases, i.e. speakers “raise their voice” (exhibit a flatter spectrum) in conversations with partners that are
perceived as more competent. We observe the opposite effect for perceived likeability (like) for 3 out
of 5 spectral shape parameters (and no effect for
OQGi and T4Gi). Interestingly, for IC the effect is
the same as for competence, with lower IC values
when talking to more likeable partners. Since IC is
intended to capture glottal opening, this could suggest that speakers produce slightly less breathiness
with both competent and likeable partners.

f/Hz

In calculating these parameters, we discard
frames where the probability of voicing is below
50%, or where the harmonic structure is insufficient.
Further we eliminate cases where the second harmonic coincides with the harmonic near the first formant, because OQGi and GOGi would be the same.
In addition to the spectral shape parameters, we
employ the IC parameter instead of the CC parameter suggested by [27]. IC (“incompleteness of closure”) is the relative bandwidth of the first formant
and increases with the amount of glottal opening introduced in [15].
2.4. Data preprocessing

We estimated all parameters frame by frame (i.e. every 10 ms) within tense long vowels where the partner was silent. This yielded almost 280,000 frames.
All further steps were carried out in R [23]: Next
we averaged each parameter over all frames pertaining to the same phone realization, keeping only these
averaged values for each realization. These values
were then scaled and centered separately for each
phoneme category. The resulting values thus indicate whether a specific realization exhibited higher
or lower values of that parameter than all other
realizations pertaining to the same phoneme category. They allow for comparing values for different
phones to one another irrespective of differences that
may be a consequence of the two instances belonging to different phoneme categories. After this aggregation and normalization step, we were left with
approx. 41,000 data points, each for one long tense
vowel. Finally, we removed outliers for each parameter on a by-vowel basis, following the widely used
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smaller than that for prec:comp, indicating that if
the likeability scores are higher than the competence
scores, divergence may be observed.
It should be noted that the observed effects are
significant but small: the parameters have been standardized before statistical analysis, thus a coefficient
of, say, 0.05 indicates that when a conversation partner produces a VQ parameter that is 1 standard deviation above (or below) the mean, the speaker is predicted to raise (or to lower) their parameter by 5% of
the standard deviation. We claim that this is because
there are many other factors that affect VQ that we
do not consider here, such as the segmental context, positional prosodic factors, stress, and maybe
also paralinguistic factors beyond speaker identity
(which we cater for through the random effects).

Table 1: Estimated (slope) coefficients resulting
from fitting linear mixed models to predict the
VQ parameters, along with Satterthwaite degrees
of freedom (df), t-values, and p-values, as estimated by lmerTest. Coefficients and t-values were
rounded to 2 digits; df to 4 significant digits. Intercepts are not indicated. Levels of significance
are *** (p<0.001), ** (p<0.01), and * (p<0.05).

OQGi
prec
comp
like
prec:comp
prec:like
GOGi
prec
comp
like
prec:comp
prec:like
SKGi
prec
comp
like
prec:comp
prec:like
RCGi
prec
comp
like
prec:comp
prec:like
T4Gi
prec
comp
like
prec:comp
prec:like
IC
prec
comp
like
prec:comp
prec:like

Est.
0.04
-0.05
0.02
0.01
-0.02
Est.
0.02
-0.05
0.04
0.04
-0.04
Est.
0.02
-0.08
0.03
0.06
-0.05
Est.
0.06
-0.1
0.05
0.02
-0.01
Est.
0.07
-0.06
0.02
0.04
-0.04
Est.
0.06
-0.05
-0.03
-0.04
0.03

df
3648
1930
809.5
3817
3813
df
3534
1784
734.8
3823
3821
df
3681
3000
1704
3814
3825
df
3511
2845
1589
3810
3825
df
3415
3124
1845
3815
3822
df
3748
3202
1968
3818
3827

t
2.45
-4.39
1.66
0.44
-0.76
t
1.44
-3.98
2.82
2.08
-2.14
t
1.14
-6.14
2.29
2.68
-2.2
t
3.75
-7.27
3.42
0.91
-0.29
t
4.87
-4.2
1.5
2.24
-2.04
t
4.25
-4.12
-2.28
-1.81
1.31

p
0.01*
0.00***
0.10 n.s.
0.66 n.s.
0.45 n.s.
p
0.15 n.s.
0.00***
0.00**
0.04*
0.03*
p
0.26 n.s.
0.00***
0.02*
0.01**
0.03*
p
0.00***
0.00***
0.00***
0.36 n.s.
0.77 n.s.
p
0.00***
0.00***
0.13 n.s.
0.03*
0.04*
p
0.00***
0.00***
0.02*
0.07 n.s.
0.19 n.s.

4. DISCUSSION & CONCLUSION
In contrast to [13], we observe small but consistent turn-based convergence effects for most VQ parameters, while [13] found that only convergence of
shimmer was (marginally) significant when averaging over the whole session, and only convergence
of jitter was significant at turn-level. At turn-level,
they observed synchrony, but not convergence, for
the three VQ parameters. This difference may be
due to the fact that we investigated VQ via parameters that depend on the spectral shape, while they investigated jitter, shimmer, and HNR. Possibly these
parameters are less easily changed dynamically than
the spectral parameters we use. Our parameters reflect phonation details of the glottal cycle such as the
extent of modal voice quality and might be adapted
more easily. It should be noted however that [13]
used both another method and other data than the
present study, so a direct comparison is difficult. For
instance the earlier study assessed convergence in
mixed as well as same-gender conversations, while
the present study investigates only female-female dialogues (but a study on mixed-gender dialogues is
planned for the future). The earlier study used correlations to assess convergence, while we use linear
mixed models.
In any case this study presents new findings that
indicate that the social ratings (i) affect VQ directly,
irrespective of convergence or divergence effects,
and (ii) that they affect the degree of convergence,
as would be expected for instance from the perspective of CAT. It also confirms and strengthens the hypothesis that VQ parameters are in general subject
to convergence effects, similar to other phonetic parameters that have been observed to be adapted in
conversation.

As for the interactions of prec with comp and
like, these are significant for 3 spectral parameters
(GOGi, SKGi, T4Gi). In the case of prec:comp, the
slope is positive indicating that the higher the competence of the partner, the higher the contribution
of the preceding VQ parameter, i.e. the stronger the
convergence effect. In contrast, the slope for the interaction with prec:like is negative but in most cases
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quadrant of the city, creating distinct Filipino
neighbourhoods.
Given such a substantial and concentrated
population, we hypothesized that the FilipinoWinnipegger population should have a strong
potential to develop a distinctive ethnolect. To
investigate this hypothesis, we selected a hallmark
feature of Canadian English, known as the Canadian
Shift, a well-known chain shift involving the front lax
vowels /æ, ɛ, ɪ/ (similar to the California Shift,
although the relationship between the two is currently
uncertain [6; 9]). In most varieties of Canadian
English, the vowel /ɔ/ has merged with /ɑ/. The gap
in the lower part of the vowel system resulting from
the so-called cot-caught merger has been argued to be
the impetus for /æ/ to retract in Canadian English [4],
with /ɛ/ subsequently lowering and retracting in turn,
later followed by a similar trajectory in the position
of /ɪ/ in some regional dialects. The Canadian Shift is
an ongoing change, with various regions of the
country exhibiting subtle differences regarding the
degree of retraction vs. lowering of each of the
various vowels involved [5; 6; 7; 15].

ABSTRACT
The acoustic qualities of the Canadian Shift vowels
/æ, ɛ, ɪ/ were examined among two ethnically distinct
populations in Winnipeg, Canada: speakers of
Filipino ancestry, and non-Filipino “white”
Canadians. Results indicate that ethnic Filipinos
participate more strongly in the Canadian Shift,
indicated by greater retraction and/or lowering of the
relevant vowels, in contrast with white speakers who
only just meet the criteria for Canadian Shift.
Canadian-born L1 English-speaking children of
Filipino immigrants exhibited the greatest degree of
retraction and/or lowering, while English L2 Filipino
immigrants were intermediary in this respect. These
results support the hypothesis that a new ethnolect
may be forming within Winnipeg’s large Filipino
ethnic community. The divergence of Canadian Shift
patterns between ethnic groups in Winnipeg may be
viewed within an “Emergent linguistic marketplace”
model [7], with implications for further research on
Filipino communities in other Canadian locales, and
for ethnolinguistic variation more broadly.
Keywords: vowels, Canadian Shift, sociophonetics,
ethnolinguistics, Canadian English

Figure 1: The relative proportions of the ethnic
Filipino population in Canada’s four major western
cities and Toronto, Canada’s largest city.

1. INTRODUCTION
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Research on ethnolects in Canada is currently in its
infancy. While some studies have documented
distinctive features associated with particular ethnic
groups in Montreal [2] and Toronto [9], in most of
Canada’s smaller cities the state of ethnolectal
variation is largely unknown. For the present study,
we have chosen to investigate one of the most
important ethnic populations in Canada in recent
decades, Filipino-Canadians.
Filipino migration to Canada began in earnest in
the late 1960s [22] and continues to be strong today.
Since that time, the largest per capita concentration of
ethnic Filipinos in Canada has come to be located in
the western Canadian city of Winnipeg, where ethnic
Filipinos comprise nearly 10% of the city’s
population [21], roughly twice the proportion found
in other comparable cities (Fig. 1). Furthermore, this
population is most concentrated in the north-west
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The investigation of ethnic differences in
Canadian Shift production has produced mixed
results: in Montreal no significant production
differences were found across several groups [2],
while in Toronto significant differences were found
which largely differentiated one ethnic group
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(Chinese) from several others [9]. The present study
aims to add to our knowledge of ethnolectal variation
of Canadian Shift by broadening the scope of the
investigation both geographically and ethnically
through focus on the Filipino community in
Winnipeg.

2.4. Analysis

Vowel tokens were manually segmented and
transcribed in Praat [3] by two trained phoneticians
(Authors 1 & 3). Waveforms and transcriptions were
uploaded to FAVE [18] which measures formant
values at one-third of vowel duration, and normalized
under FAVE’s default Lobanov [11] normalization
method. The resulting output was exported to R [14]
which was used to perform statistical analysis,
including mixed effects linear modelling using the
lme4 package [1] for R. For this purpose, speaker
profiles were coded with demographic information
including speaker ethnicity, sex, and first language.

2. METHODS
2.1. Speakers

50 Winnipeg residents participated in the study. Of
these, 21 were ethnically non-differentiated “white”,
referred to hereafter by the moniker “Anglo”. The
Anglo participants included 10 males and 11 females,
all Canadian-born native speakers of English. The 29
remaining participants were ethnically Filipino, 14
male and 15 female, including 17 Canadian-born
native speakers of English and 12 immigrants from
the Philippines speaking English as a second
language. Among the second language speakers, 6
were native speakers of Tagalog [19; 20], 4 of
Kapampangan [12, 13], and 2 of Ilocano [23]; each of
these languages has a similar, symmetrical 5-vowel
system. All participants were recruited and recorded
between 2014–2016.

3. RESULTS
3.1. Canadian Shift vowel thresholds

The Atlas of North American English [10] offers
several benchmarks for determining the occurrence of
Canadian Shift, listed in Table 1 alongside the
corresponding vowel means for the Anglo and
Filipino groups. Note that /ɪ/ was not addressed by
[10] and so does not have a well-defined benchmark.
Table 1: Canadian Shift vowel benchmarks and
means (bold indicates that benchmark is met).

2.2. Materials

Benchmark
/ɛ/ F1 > 650 Hz
/æ/ F2 < 1825 Hz
/ɑ/ F2 < 1275 Hz

A list of words was compiled for the purpose of
eliciting vowel tokens comprising the full vowel
system of Canadian English; the present study will
only discuss those tokens relevant to Canadian Shift.
Note that while /ɑ/ is not considered to be one of the
vowels participating in Canadian Shift per se, as its
merger with /ɔ/ has been argued to have provided the
initial impetus for the shift, it is included in this study
along with the canonical Canadian Shift vowels /æ, ɛ,
ɪ/.

Anglo
655 Hz
1804 Hz
1307 Hz

Filipino
689 Hz
1801 Hz
1387 Hz

As indicated in Table 1, although /ɑ/ does not meet
the indicated benchmark among either Winnipeg
ethnic group, the benchmarks for the Canadian Shift
vowels /ɛ, æ/ are both met within each group. We take
this to indicate that both groups do participate in
Canadian Shift, with Anglo speakers lagging notably
behind Filipino speakers in terms of the degree of
retraction or lowering.

2.3. Procedure

Each participant was recorded reading aloud from the
prepared word list, presented in a semi-randomized
fashion (adjusted to prevent multiple successive
tokens of the same vowel). Each ethnic group was
recorded by a different in-group field researcher, with
distinct recording technology. Filipino participants
were recorded with a Sennheiser EK 100G2 wireless
lavalier microphone connected to a Zoom handheld
recorder. Anglo participants were recorded with an
Apogee One microphone connected to a MacBook
Pro computer. All recordings were made as 44.1 kHz,
16-bit uncompressed .wav files. In total, 4,452 tokens
were obtained from Filipino participants, and 2,697
from Anglo participants, for a combined total of n =
7,150 tokens.

3.2. Linear mixed effects models

Mixed effects models indicated that speaker sex was
not strongly correlated with differences in formant
values; mean differences between the two sexes
ranged only from 1–12 Hz for F1 and 8–43 Hz for F2,
depending on the particular vowel. In contrast,
speaker ethnicity was often correlated with
substantial differences in mean formant values. Mean
F1 values differed between ethnic groups (Filipino vs.
Anglo), with Filipino speakers having F1 values
approximately 50 Hz higher on average (lower vowel
position) for all vowels. For /ɛ/ and /ɪ/, the two most
recent vowels to be affected by Canadian Shift,
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Figure 2: /ɑ/ token distributions by ethnolinguistic
group.
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Filipino speakers had lower F2 values (more retracted
vowel position) by > 200 Hz; /ɑ/ and /æ/ did not
exhibit large F2 differences between ethnicities.
As the Filipino cohort contained both English L1
and L2 speakers, we investigated differences
correlated with English language status internal to
this cohort, finding that differences in mean formant
values were quite variable. The largest mean
differences occurred between English L1 and Ilocano
L1 speakers, and the smallest between English L1 and
Tagalog L1 speakers. Given the small size of the
English L2 sub-groups (between 2 to 6 individuals)
we did not investigate formant differences between
the English L2 sub-groups any further.
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3.2. Vowel token distributions

2500

Following the mixed effects model results, we
focused on exploring the differences in vowel
formant output between the two ethnicities, with the
Filipino cohort split into two sub-groups, English L1
and (aggregated) English L2 speakers; we refer to the
latter two groups as Filipino L1 and Filipino L2,
respectively. Per-vowel differences in F1xF2 token
distributions between each group are illustrated in
Figs. 2–5. Ellipses indicate 50% and 90% confidence
intervals for mean token distribution, and shaded
circles indicate the mean F1xF2 positions.
For /ɑ/ (Fig. 2), both Filipino groups exhibit
distributions which are somewhat more centralized
and lowered than Anglo speakers, but nonetheless
there is a great degree of overlap for the central 50%
of each group’s tokens, indicated by the smallest,
inner ellipses.
For /æ/ (Fig. 3), the degree of overlap between
distributions is similar to /ɑ/. The main observable
difference concerns the relatively wide spread of F2
values for Anglo speakers, extending in both
directions beyond the range of variation attributed to
either Filipino group.
For both /ɛ/ and /ɪ/ (Figs. 4 & 5), a similar pattern
emerges: Anglo speakers have distributions which are
relatively high and front, Filipino L2 speakers have
somewhat lowered and retracted distributions in
comparison, while Filipino L1 speakers extend this
trend even further, exhibiting the most retracted
(centralized) and lowered distributions of all. This
difference is most striking for /ɪ/, as the central 50%
of distributions for Anglo and Filipino L1 speakers
barely overlap at all.
Mean F1xF2 positions of each Canadian Shift
vowel per group are plotted in Fig. 6, where the
Filipino vs. Anglo lowering and retracting trend for
the vowels /ɛ/ and /ɪ/ can be clearly observed.
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Figure 3: /æ/ token distributions by ethnolinguistic
group.
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Figure 5: /ɪ/ token distributions by ethnolinguistic
group.
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realizations served as the most direct model for the
subsequent generations of Filipino L1 speakers.
However, this becomes more significant when we
consider that for Winnipeg generally (that is,
undifferentiated for ethnicity), Canadian Shift
realizations have tended to lag behind the rest of the
country. Previous study of Canadian Shift in
Winnipeg, while limited [6], has indicated that
(Anglo) Winnipeggers generally did not participate in
the shift. While our more recent data shows that the
situation has changed somewhat, our Anglo
participants only just meet the benchmark criteria for
Canadian Shift (see Table 1). Both L1 and L2
Filipinos have stronger indications of participation in
the shift, and it can therefore be argued that the
Filipino community in Winnipeg more closely
follows the national, rather than local trends.
In this respect, Filipino-Winnipeggers may be
more cognizant of and adherent to extra-local trends
exemplified by communities such as e.g. Toronto
where the shift has progressed further. This type of
ethnically-differentiated variation may be seen as the
exchange of “symbolic capital” on the “Emergent
linguistic marketplace” [7]. In other words, because
Winnipeg is smaller Canadian city, we hypothesize
that there is little social capital to be gained by
adhering to its local conservative trends versus the
more innovative national pattern of larger Canadian
cities with more cultural influence, such as Toronto
or Vancouver. This reflects similar findings among
Asian communities of San Francisco [7].
Regarding the general progress of Canadian Shift,
the differences between the various vowels across
ethnolinguistic lines is particularly relevant. While
significant ethnolinguistic differences are largely
relegated to the vowels /ɛ/ and /ɪ/, these are the most
recent vowels to participate in the shift. Differences
in position for /æ/ and /ɑ/ are much less substantial
across ethnicities, indicating that these vowels are
more stable. This may be taken as an indication that
the shift is no longer in progress for /æ/ in Winnipeg
generally (/ɑ/ is not argued to actually participate in
the shift, being its origin). If retraction and lowering
of /æ/ was in fact the initial phase of the shift, then it
is expected that it would be the first vowel to have
reached a stable position, while the other lax front
vowels remain somewhat in flux. This places
Winnipeg generally further behind in the progress of
Canadian Shift in comparison to more eastern
Canadian communities such as Toronto [16], Thunder
Bay [15], or Montreal [2], but ahead of e.g. Victoria
[17] (in western Canada), where /æ/ retraction is still
active.
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Figure 6: Canadian Shift vowels in F1xF2 space.
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4. DISCUSSION
The differences in position we have observed for
Canadian Shift vowels among Filipino vs. Anglo
speakers in Winnipeg have two main implications,
one concerning the Filipino ethnic community
specifically, and the other concerning the progress of
Canadian Shift itself.
For Filipino speakers, our findings indicate that a
distinctive ethnolect may be developing within
Winnipeg. The phonetic characteristics of this
ethnolect, at least in terms of the Canadian Shift
vowels, can be attributed to two sources: the local
realizations of the relevant vowels among the L2
predecessors to the L1 Filipinos, and the realizations
of these vowels in other parts of Canada.
While Filipino L2 group has realizations which
are more advanced in terms of Canadian Shift
retraction/lowering than Anglo speakers in Winnipeg,
this does not necessarily indicate that the L2
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Derry [12] and West Yorkshire [6]. [ɛː] was typical in
Middlesbrough [8], Bradford [8], Hull [8], Lancashire
[8], and Local Dublin English [7, 8]. The short
monophthong [ɛ] has also been reported for the words
make and take in Bradford, Hull, Manchester and
Lancashire English [8] as well as in the Western
Fenland [1].
The descriptions provided in the majority of the
literature cited above are based on auditory analysis
of recordings collected between the 1970s and the late
1990s and roughly reflect the regional distribution
found in the Survey of English Dialects (SED) [15].
Therefore, it is not known if these findings accurately
represent the way FACE is realised today.
Furthermore, Earnshaw & Gold’s [6] recent analysis
of FACE in West Yorkshire is the only study to have
considered how FACE has changed over time in this
region by comparing findings from 1980s to the
present day. Consequently, the present study aims to
address a gap in the literature by both providing an
up-to-date picture of FACE and by comparing this
with previous findings to determine how FACE has
changed over time.

ABSTRACT
In this case study we examine change in the FACE
vowel across England. We used contemporary dialect
data from more than 40,000 speakers – collected with
the English Dialects smartphone app – and compared
them to historical Atlas data from the 1950s. Results
revealed substantial leveling tendencies towards
Standard Southern British English [ei] – Geordie [iə]
and [iɐ], however, appear to resist this change. We
further discuss methodological limitations, such as
the reliability of collecting response data through
smartphone applications. Using this case study as a
model, future work using the English Dialects App
Corpus aims to reveal further patterns of feature
diffusion and dialect leveling in English dialects.
Keywords: sound change, English dialects, dialect
levelling, crowdsourcing, dialectology
1. INTRODUCTION
The FACE vowel has been shown to vary across the
United Kingdom. In many areas in the South of
England and The Midlands, FACE – as defined in
Wells’ lexical set [25] – has been found to be
commonly realised as a wide diphthong, i.e. with
substantial tongue movement. Previous, mostly dated
studies, have shown, for instance, that [æɪ] is typical
in Cockney London English and the West Midlands
[8]. [æi] is also commonly found in Sandwell [11] and
Norwich [22]. [ɛɪ] has been reported in Bristol [8],
Southampton [8] and Derby [5], while [ɛi] was the
most popular variant in Leicester [8], Milton Keynes
and Reading [26].
Narrow diphthongs, such as [e̞ ɪ] have been found
in RP [8], South East London [20] and areas further
north including Liverpool [8] and West Wirral [14].
[ei] has been reported to be most common in
Manchester [8] and Cardiff [13], while the centring
diphthong [ɪə] has been noted in Tyneside [8].
Monophthongal variants have also been documented
in a number of cities across Northern England,
Scotland and Ireland. [eː] was commonly used in
Newcastle [24], Sheffield [18], Bradford [16],
Huddersfield [16], Wakefield [3], and in what is
termed "mainstream and fashionable Dublin English"
[7, 8]. The short monophthong [e] has been reported
in Glasgow [19], Edinburgh [4], Belfast (London)

2. METHODS
2.1. English Dialects App & Procedures

We use data from the English Dialects App (EDA)
corpus [10]. The app’s main functionality is the
prediction of the user’s dialect – which is based on 26
discriminative maps from the Survey of English
Dialects [15]. The app prompts users to select their
pronunciation variant from a list of each of the 26
variables by tapping on the screen. Variants have IPA
transcriptions, when necessary, and are accompanied
with sounds for users to listen to (recorded by the
third author). See the prompt for ‘bacon’ (containing
the FACE vowel) in Figure 1. When users arrive at
the end of the quiz, the app presents a list of five
localities that best correspond to the user’s dialect.
Users can then evaluate the predicted dialect (Figure
2, top left). They are prompted to indicate their
correct dialect by placing a pin on a map to the
locality that best represents their regional dialect
(Figure 2, top right). Users then fill out a
questionnaire on mobility behaviour, ethnicity, and
educational background and send off their data
(Figure 2, bottom left and bottom right). In this
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contribution we compare the users’ values for FACE,
as elicited in ‘bacon’, to those of the SED.

2.2. Speakers

The corpus consists of data from 46,833 speakers (i.e.
users) from the UK, Channel Islands, Isle of Man, and
the Republic of Ireland. The speakers come from
41,328 localities, with an average of 1.13 speakers /
locality (median = 1 speaker / locality). 47.96% of the
speakers are female, 51.90% are male. On average,
speakers are 34.93 years old (median=32). In terms of
education, 67.35% of speakers have a university
degree or equivalent. 94.34% are white, with the next
biggest ethnicity group, Asian, representing 2.27% of
users. The sample is relatively evenly distributed in
terms of mobility: at one end of the spectrum, 26.44%
of speakers live in the same house they lived in a
decade ago; at the other end, 22.34% of speakers have
moved four or more times in the last ten years.

Figure 1: ‘bacon’ and its dialectal variants for users
to select.

3. RESULTS
3.1. Agreement with Atlas

Figure 3 shows the EDA – SED degree of difference
scores: 0 (blue) showing little difference, 100 (red)
showing high degree of difference. This was
calculated as follows. First, kernel density
estimations were calculated from both the SED and
EDA data (an interpolation and smoothing method of
this type is needed since the survey points for the two
datasets are different; for more detail on KDE in
dialectology see [2, 17]). Then the absolute
differences in the rates of each variant in the two
surveys was summed at every point in space and
divided by two. This gives a measure where 100%
indicates that all usage is of different variants and 0%
indicates that all usage is of the same variants in the
same proportions.

Figure 2: Evaluation of dialect prediction by users.

Figure 3: Degree of difference between EDA and
SED.
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Figure 4 reveals that change in the South-West is
more substantial than in the North (especially so in
the North-East) – a pattern that appears to be
recurring in other variables [10]. Figures 5, 6, and 7
show the relative frequencies for [iə] and [iɐ]
(yellow), [eː] and [eə] (orange), and [æi] (pink). In all
the patterns shown – here and below – speaker age
had relatively little effect on sound change.

Figure 3 reveals that much of the North, Yorkshire,
the West Midlands, the South-West as well as Greater
London shows substantial change (red). Much of the
East Midlands, East Anglia, the South-East as well as
the Isle of Man remains largely unchanged (blue).
3.2. Change in real time

Figure 4 compares SED vs. EDA data (mode response
for EDA). EDA (unintentionally) collected data from
Scotland, Wales and the Republic of Ireland – while
the SED did not, hence the differences between the
SED and EDA maps shown below.
Figure

4:

SED

(bottom)

vs

EDA

Figure 5: SED (left) vs. EDA (right) – relative
frequencies for [iə] and [iɐ].

(top).

Figure 6: SED (left) vs. EDA (right) – relative
frequencies for [eː] and [eə].
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Figure 7: SED (left) vs. EDA (right) – relative
frequencies for [æi].

apparently being used across a wider area in the EDA
than in the SED. This is consistent with what we
found for other variables, such as the use of clear [l]
in postvocalic positions (such as in ‘shelf’, ‘melt’),
and the use of the word ‘spelk’ (instead of, for
example, ‘splinter’) for a piece of wood under the
skin. This resistance may be explained both by an
especially strong sense of regional identity, as well as
a distinct rejection in the North-East of variants
indexed as ‘Southern’ [23].
4.2. Methodological limitations

Aside from the skewed sampling of EDA briefly
mentioned in 4.1, there are three more technical
methodological limitations that need addressing,
mostly to do with the reference material (SED).
Firstly, at this stage, we have only compared FACE
in the EDA as represented in ‘bacon’ to ‘bacon’ in the
SED. A closer look at the SED data reveals, however,
that there is substantial intra-speaker variation in
FACE depending on the word in question (including
‘clay’, ‘gable’, and ‘whey’). Looking at the FACE
vowel in these words suggests that using only ‘bacon’
as a reference point slightly under-represents [æi] in
the South-East, substantially under-represents [æi] in
the South-West, under-represents [ɪa] in the NorthEast, substantially under-represents [ɪa] in the West
Midlands, and over-represents [ɪa] in the South-West.
Future work will need to compare EDA FACE data
to SED FACE realisations across multiple words.
Secondly, the groupings of phones into variants
used in the EDA diminishes confidence in our results
to some degree. Given a forced choice between
recordings of [eː], [ɛi], [æi] and [ɪə], what will
speakers with [ɛː], [eə], [ɪa], [ia], [ɛə], [eɪ] etc.
choose? Might the centring offglide be very salient,
so that speakers with [ɛə] and [eə] are more likely to
choose [ɪə]? It is further unclear whether speakers
with [ɛː] are likely to choose [ɛɪ] rather than [eː]. This
grouping of phones into variants will need to be tested
with speakers using these different variants.
Finally, when selecting their variant, users are
essentially performing a perception task: an intuition
test where they select their variant by listening to
recordings (cf. §2.1). We are currently testing
listeners’ discrimination ability using the sound files
embedded in the app. A first pilot revealed that 74%
of the people could accurately discriminate
glottalised variants, 91.2% could discriminate thfronted variants, and 97.1% could discriminate
velarised variants [9]. The same test will need to be
conducted on the FACE vowel variants used in the
app.

Figure 5 reveals that the region around Newcastle
appears to be a special case, whereby even rural
regions around Newcastle seem to be taking on the
traditional local [iə] and [iɐ] forms. The fate of [eː],
cf. Figure 6, and [eə] is very different, as these
variants are receding (Yorkshire, Northumberland,
and Lancashire) or have fully receded (western
Midlands, West Country). Substantial levelling
towards Standard-like [ei] – [ɛɪ] is evident in these
regions. Figure 7 reveals that Cockney [æi] is still
there, but too, appears to be disappearing.
Interestingly, however, this form can now be found in
the West Midlands (Wolverhampton).
4. DISCUSSION
4.1. Patterns of sound change in FACE

On the surface, our results reveal a case of dramatic
dialect levelling: the loss of socially marked or
minority linguistic variants in favour of a majority or
unmarked one [21], ultimately contributing to a
decrease in linguistic diversity. In this case, [eː] in
the North and South-West and [æi] in London have
lost considerable ground to [ɛɪ], the already dominant
form in the South and East, and one common in
middle (rather than upper) class standardised accents.
Due to the distinct sample structures of the SED and
EDA, however, the degree of shift is probably
overestimated – the older data come from elderly
non-mobile rural men assumed to be users of the most
traditional surviving forms of the dialect, while the
more recent data are skewed towards more educated,
mobile, digital native young adults [10]. The SED
presents a somewhat rosy picture of the health of the
attriting variants in the 1950s, therefore, and the EDA
a ‘worst case scenario’ for the 2010s. The North-East
of England demonstrates considerable resistance to
these levelling tendencies, however, with [iə]
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ABSTRACT

Of course, there is more to rhythm than timing [4,
5, 8]. Prosodic theory argues for the relevance of
constituent structure. One important constituent is
the prosodic word. Although prosodic words are
often equivalent to the lexical word, they are also
formed when a grammatical word is cliticized
(chunked) with an adjacent content word. When
possible, the chunking pattern follows metrical
structure. For English, this means that unstressed
grammatical words are, by hypothesis, optimally
cliticized/chunked with a preceding content word
when that content word is monosyllabic [21]. The
current study uses listener preferences to investigate
this hypothesis further.
In so far as the prosodic word is a production unit
[21, 31], then a strong cue to cliticization may be
coarticulation [25]. This assumption follows from
the well-accepted view that coarticulation, especially
anticipatory coarticulation, is largely planned [see
30, 14, 28] and the further assumption that the
prosodic word is the relevant planning domain [31,
19]. Thus, in the present study, we manipulated the
schwa formant values associated with the definite
article, the, to create stimuli where this grammatical
word was maximally coarticulated with a preceding
monosyllabic verb or with a following monosyllabic
noun. If listeners expect prosodic words that
conform to metrical structure, then they should
prefer when the is minimally coarticulated with the
following noun.

This study examines the effects of determiner
reduction and coarticulation on the perceived
naturalness of resynthesized shock-the-geek (V-theN) sequences. The determiner, equally spaced
between monosyllabic V and N, was manipulated in
3 experiments along a 7-step continuum: (1)
duration varied from 0.25x the original duration to
4x this duration; (2) amplitude varied from 55 dB to
85 dB; (3) schwa formants varied from completely
overlapped with the vowel in V to completely
overlapped with the vowel in N. Listeners rated Vthe-N sequences with reduced duration and intensity
and more anticipatory coarticulation more
favourably than sequences with increased duration
and intensity and more preservatory coarticulation.
These results are consistent with a listener
preference for the production of supralexical chunks
that adhere to morphosyntactic rather than metrical
structure.
Keywords: coarticulation, reduction, speech
perception, grammatical words, speech rhythm
1. INTRODUCTION
The stress-timed rhythm pattern of most English
dialects entails grammatical word (e.g. a, the)
reduction. The phonetic correlates of reduction are
duration and amplitude [24]. Grammatical words are
typically reduced irrespective of other factors [2, 3,
29], but factors such as planning difficulties and
prosodic context have been shown to affect
reduction [18]. Duration and amplitude measures of
grammatical word production indicate that schoolaged children do not reduce grammatical words to
the same extent as adults [25], which may explain
why the acquisition of English speech rhythm is
protracted [1, 27]. The current study investigates this
possibility further by asking whether grammatical
word reduction is in fact important to listeners, since
rhythm is fundamentally a perceptual notion. If
listeners expect grammatical word reduction, then
increasing their duration and intensity should lower
listeners’ naturalness ratings of the speech, while
decreasing their duration and intensity should
increase these ratings.

2. METHODS
2.1. Participants

Participants were 150 native speakers of English (M
= 36 years, SD = 10 years), who were recruited
using Amazon’s
mTurk [10]. Sixty-three
participants self-identified as female and 87 as male.
Participants had no self-reported history of speaking
or hearing impairments.
2.2. Stimuli

Stimuli were created by asking four native speakers
of a west-coast variety of American English (2 male
and 2 female) to produce the phrase I shock the geek
today without prosodic breaks and at a normal
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speaking rate. Elicitations were recorded in a sound
attenuated booth using an Audio Technica Lo-Z
Condenser and a Tascam US-144 MKII Audio/Midi
Interface in Praat [8]. The stimuli used only the
shock the geek section of the sentence. The overall
temporal pattern of this section was controlled by
spacing the 100 milliseconds (ms) from the verb and
100 ms from the noun.
Grammatical word (i.e., the) duration was
manipulated in Praat [8] to create a 7-step withinspeaker continuum. Speakers’ average duration for
the determiner was calculated and used as step 4.
For steps 5-7, duration was increased 2, 3, and 4
times, respectively. For steps 1-3, duration was
reduced 0.25, 0.33, 0.5 times, respectively.
Grammatical
word
intensity
was
also
manipulated to create a 7-step within-speaker
continuum. The base intensity for the sentence was
first normalized to 70 dB. The determiner was then
varied from 55 dB to 85 dB at 5 dB intervals.
Finally, the formant values in the schwa vowel of
the grammatical word were manipulated to create a
7-step within-speaker continuum from fully
coarticulated with the preceding verb to fully
coarticulated with the following noun. First, the
average F1 to F3 formant values for [ə] in the, [ɑ] in
shock, and [i] in geek were calculate for each
speaker. Then the average formant measures for the
schwa were converted to the nearest half Equivalent
Rectangular Bandwidth [ERB; 13] and used as the
starting point for the within-speaker continua. Each
continuum then had 3 steps above and 3 steps below
the average formant measure. Each step was a
distance of 1 ERB from the preceding one. The endpoints, step 1 and step 7, represented ERB values
similar to the average formant values for [ɑ] and [i],
respectively. Table 1 and 2 presents the average
duration and F1, F2, and F3 for each of the steps.

2.3. Procedure

Stimuli were blocked by manipulation to create 3
different conditions: a duration manipulation
condition, an intensity manipulation condition, and a
formant manipulation condition. The design was
between-groups, meaning that different groups of 50
participants listened to all the stimuli in each
condition. These participants were instructed to wear
headphones set to a comfortable listening volume,
which they adjusted during a preliminary task in
which they were required to input different words
that were played to them over the headphones.
Participants were then instructed in the main task,
which was to rate tokens on a naturalness scale from
1 (least natural) to 7 (most natural). They were then
given 7 practice trials to ensure they understood the
task. The experiment then began. Stimuli were
blocked by speaker. Participants heard each of the
four speakers in a randomized order. Stimuli were
also randomized within each speaker block.
Participants who took part in one condition were not
able to take part in another condition.
2.4. Analysis

The rating data were analysed in a linear mixedeffects model using the lme4 package [7] and the R2
metric was calculated using the MuMIn package [6]
in R [23]. A second order polynomial was used for
the main effect Step since visual inspection of the
data strongly suggested a quadratic relation with this
factor. There was a random intercept for participant
and random slope for the second order polynomial,
Step. The anova() function was use to test for model
significance. The lmerTest package [9] was used to
estimate the degrees of freedom with Satterthwaite's
method [26]. Post-hoc analyses were also performed
with Holm [17] correction. Plots were created using
ggplot2 [32].

Table 1: Summary average duration (in seconds)
and F1, F2, and F3 (in Hz) for steps 1-4.

Duration
F1
F2
F3

1
0.019
750
1256
1690

2
0.024
650
1425
1908

3
0.037
560
1612
2151

3. RESULTS

4
0.074
480
1822
2421

The results are presented by condition: duration,
intensity, and coarticulation.
3.1. Grammatical word duration

The overall mixed-effects model results indicated a
significant effect of the duration manipulation on
listener ratings [F(2, 49) = 324.82, p < 0.001].
Moreover, the model explained a substantial amount
of the rating variance [R2 = 0.47]. These overall
results are shown in Table 3. Post-hoc analysis
revealed that Step 1 (3.71) was not significantly
different from Steps 6 (3.80; p = 0.803) and 7 (3.62;
p = 0.803), but Steps 1, 6, and 7, were significantly

Table 2: Summary average duration (in seconds)
and F1, F2, and F3 (in Hz) for steps 5-7.

Duration
F1
F2
F3

5
0.148
407
2055
2722

6
0.222
342
2315
3058

7
0.296
284
2601
3431
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lower than Steps 2 (4.90; p < 0.001), 3 (4.93; p <
0.001), 4 (4.94; p < 0.001), and 5 (4.80; p < 0.001).
Steps 2, 3, 4, and 5 were not found to be
significantly different from each other (p > 0.05).
Table 4 presents the mean ratings by Step, which are
also shown in Fig. 1 with the 95% confidence
interval.

(3.68) were all lower than Steps 2, 3, 4, and 5 (p <
0.05). Step 6 was higher than Steps 1 and 7 (p <
0.01).
Table 5: Summary of the linear mixed-effects
model for the intensity manipulation.

Intercept
Step, 2-1
Step, 2-2

Table 3: Summary of the linear mixed-effects
model for the duration manipulation condition.

Intercept
Step, 2-1
Step, 2-2

Est.
4.38
-17.01
-46.37

SE
0.14
2.92
2.23

t-val
31.38
-5.82
-20.71

p-val
< 0.001
< 0.001
< 0.001

Rating
3.71
4.90
4.93
4.94
4.80
3.80
3.62

SE
0.14
1.80
5.75

t-val
30.42
-3.88
-5.03

p-val
< 0.001
< 0.001
< 0.001

Table 6: Mean rating and standard deviation (SD).
Continuum was 55 dB (Step 1) to 85 dB (Step 7).

Step
1
2
3
4
5
6
7

Table 4: Mean rating and standard deviation (SD).
Continuum was short (Step 1) to long (Step 7).

Step
1
2
3
4
5
6
7

Est.
4.25
-7.00
-28.92

SD
(1.77)
(1.48)
(1.48)
(1.56)
(1.51)
(1.57)
(1.63)

Rating
3.86
4.44
4.53
4.56
4.49
4.20
3.68

SD
(1.69)
(1.65)
(1.66)
(1.65)
(1.67)
(1.67)
(1.72)

Figure 2: Line plot for the ratings of each step
along the intensity continuum. The whiskers show
95% confidence intervals.

Figure 1: Line plot for the ratings of each step
along the duration continuum. The whiskers show
the 95% confidence interval.

3.3. Grammatical word coarticulation

The overall mixed-effects model results indicated
that the coarticulation manipulation also had a
significant effect on listeners’ ratings [F(2, 95.37) =
17.21, p < 0.001]. The model R2 was 0.35. Table 7
presents the overall results. Mean rating data by Step
are presented in Table 8 and in Fig. 3. Post-hoc tests
revealed that Step 1 (3.46) was rated lower than
every other step (p < 0.001), as was Step 2 (3.71),
except it was rated higher than Step 1 (p < 0.001).
Step 3 (4.05) was not significantly different from
Steps 4-7 (p > 0.05). Steps 4 (4.15) and 5 (4.20)
were significantly higher than Step 7 (3.92; p =
0.005, p < 0.001), but were not significantly
different than Step 6 (4.09; p > 0.05).

3.2. Grammatical word intensity

The overall mixed-effects model results again
indicated a significant effect of the manipulation on
ratings [F(2, 95.47) = 12.86, p < 0.001]. Again, the
model explained a substantial amount of the rating
variance [R2 = 0.43]. These overall results are
presented in Table 5. Mean rating data by Step are
presented in Table 6 and in Fig. 2. Post-hoc tests
confirmed that there were no significant difference
between Steps 2 (4.44), 3 (4.53), 4 (4.56), and 5
(4.49, p > 0.05), but Steps 1 (3.86), 6 (4.20), and 7
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Table 7: Summary of the linear mixed-effects
model for the formant manipulations.

Intercept
Step, 2-1
Step, 2-2

Est.
3.94
15.08
-16.74

SE
0.12
2.72
3.00

t-val
31.72
5.54
-5.57

higher naturalness judgement for grammatical word
chunking along metrical lines, the data suggest a
higher ratings for chunking along morphosyntactic
lines. Such an internalized expectation might have a
functional explanation: listeners may expect
coarticulatory patterns that provide cues to
upcoming information. This possibility is consistent
with work on children’s speech processing. For
example, Mahr, McMillan, Saffran, Weismer, &
Edwards [22] found that 18- to 24-month-olds
looked at the correct image associated with a target
noun significantly sooner when the preceding
determiner contained coarticulatory cues to the
upcoming noun.
Alternatively, listener ratings for sequences in
which the was more coarticulated with the noun
compared to the verb could also reflect an
expectation for patterns that closely mimic natural
speech. Note that listener ratings were highest in
stimuli where the duration and intensity
manipulation resulted in a value that was closest to
the natural value (i.e., Step 4). Similarly, naturally
produced the was typically more coarticulated with
the following noun than with the preceding verb,
which could explain listener preference for stimuli in
which the formant values in the determiner were
more similar to the following noun than to the
preceding verb.
Listeners’ higher rating for stimuli that are more
similar to natural speech could also signal a
processing strategy that references motor patterns.
After all, it is by now well-established that speech
perception tasks activate motor cortex [11, 12, 16].
The current results might therefore suggest that
listeners refer to internalized speech motor plans
during speech processing. If this is the case, then we
note with interest that listener preference for higher
degrees of anticipatory coarticulation than
preservatory coarticulation could reflect an acquired
plan that is encoded not only for gestures and their
targets but how these gestures correctly overlap
within continuous speech. The internalized motor
plan might also reflect listeners’ expectations for
how the combinatory nature of different gestures
will affect the acoustic signal.
Overall, the present results strongly suggest that
prosodically-conditioned
grammatical
word
reduction and cliticization is expected in English.
Further research is needed to understand different
expectations for child and adult speech to understand
the development of reduction and speech planning.

p-val
< 0.001
< 0.001
< 0.001

Table 8: Mean rating and standard deviation (SD).
Continuum was from [ɑ]-like (Step 1) to [i]-like
(Step 7).

Step
1
2
3
4
5
6
7

Rating
3.46
3.71
4.05
4.15
4.20
4.09
3.92

SD
(1.58)
(1.53)
(1.57)
(1.57)
(1.58)
(1.61)
(1.60)

Figure 3: Line plot for the ratings of each step
along the formant continuum. The whiskers show
95% confidence intervals.

4. DISCUSSION
The rating results suggest that listeners rate V-the-N
sequences in which the is reduced and coarticulated
with the following noun higher than sequences that
are not. Specifically, listeners rated longer
determiners as less natural than shorter determiners,
with the exception of stimuli with the shortest the.
Listeners also rated less intense determiners as more
natural than more intense determiners, with the
exception of stimuli with a barely audible the.
Finally, listeners strongly preferred sequences where
formant cues suggested that the determiner was
produced with the following noun rather than with
the preceding verb.
Whereas the duration and intensity findings
conform to expectations based on English speech
rhythm patterns, the coarticulation results run
counter to these expectations. Rather than suggesting
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though written transcriptions of speech are often used
in the context of speech intelligibility research [12].
An important reason why dictation is underutilized
in phonetics research may be that detailed scoring
measures have yet to be developed. In applied
linguistics, transcriptions in dictation tasks are
usually scored for word- or phrase-level accuracy,
with potential latitude given by human raters for
misspellings [2, 21]. The percent of words correctly
identified is also a typical scoring measure in the field
of speech intelligibility testing [12]. However,
examining only the proportion of words accurately
transcribed does not differentiate completely wrong
and more nearly right answers. Consider the utterance
“my Friday night” spoken with the consonants not
clearly articulated, which one listener transcribes as
“my friend and I” and another as “my family” in the
experiment we report. Both answers match the target
phrase in exactly one word, but the former is a better
phonological match. Binary measures like word error
rate ignore finer distinctions between answers at the
phonological level, such as how well listeners can
recover the target words’ phonetic features.
We propose that considerable information about
listeners’ perceptual abilities can be gained by scoring
transcriptions with a broader range of measures that
capture accuracy at different processing levels.
Moreover, using automatically calculated measures
increases scoring objectivity. Finally, complementing
word-, letter-, and phoneme-based measures with a
semantic accuracy measure provides insight into the
communicative consequences of perceptual errors.
This paper demonstrates how a dictation task with
more precise measures can be used to study speech
perception. Specifically, we present four measures—
lexical error rate, orthographic edit distance,
phonological edit distance, and semantic error rate—
and evaluate their usefulness when applied to a
dictation study investigating how non-native listeners
perceive casual speech with severe speech reductions.
Speech reductions, in which segments and even
syllables are weakly articulated or altogether missing,
are a hallmark of the casual speech register [6, 10].
While native (L1) listeners can easily process reduced
words presented in context, e.g., [3, 9, 11], reductions
often cause comprehension problems for non-native
listeners, who tend to have less exposure to these
pronunciation variants [1, 5].

ABSTRACT
This paper shows that the dictation task, a wellknown testing instrument in language education, has
untapped potential as a research tool for studying
speech perception. We describe how transcriptions
can be scored on measures of lexical, orthographic,
phonological, and semantic similarity to target
phrases to provide comprehensive information about
accuracy at different processing levels. The former
three measures are automatically extractable,
increasing objectivity, and the middle two are
gradient, providing finer-grained information than
traditionally used. We evaluate the measures in an
English dictation task featuring phonetically reduced
continuous speech. Whereas the lexical and
orthographic measures emphasize listeners’ word
identification difficulties, the phonological measure
demonstrates that listeners can often still recover
phonological features, and the semantic measure
captures their ability to get the gist of the utterances.
Correlational analyses and a discussion of practical
and theoretical considerations show that combining
multiple measures improves the dictation task’s
utility as a research tool.
Keywords: speech perception, non-native listening,
dictation task, reduced pronunciation variants
1. INTRODUCTION
One of the most straightforward ways to test how
accurately listeners can decode the acoustic speech
signal into linguistic units, such as words, is to have
them transcribe a stretch of speech. In the field of
applied linguistics, this method is known as the
dictation task, and we argue in this paper that the
dictation task has untapped potential as a phonetics
research tool for the study of speech perception.
In second language (L2) learning and teaching, the
dictation task is widely used both as a pedagogical
tool and as a testing instrument for listening skills [15,
16, 19, 23]. The dictation task is particularly relevant
for training and evaluating perceptual processing
abilities, such as phoneme recognition and lexical
segmentation [7, 22]. Despite the ubiquity of the
dictation task in language education, however, it has
seen relatively little use in the field of phonetics, even
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We tested Dutch non-native and American English
native listeners on a fill-in-the-blank dictation task
with American English target phrases containing
massive phonetic reductions, presented in sentential
contexts. To evaluate the four dictation measures, we
analyze how well they distinguish the listener groups,
how performance differs across the measures, how
the measures correlate with the non-natives’ language
proficiency and usage, and how the measures
correlate with each other. Following these analyses,
we discuss the measures’ utility based on practical
and theoretical considerations.

2.3. Phonological edit distance

The phonological edit distance, based on methods
used to phonetically measure dialect distance [18],
provides a closer estimate of how well participants
were able to recover the phonemes, and even the
specific phonological features, of the target phrase. It
is based on the same principle as the orthographic edit
distance, but it uses phonemes rather than letters and
captures the insight that some phonemes are more
similar to each other than others. Thus, replacing a /t/
with a /d/ incurs less penalty than replacing it with /n/
because fewer features change.
To calculate the phonological edit distance, the
target phrase and transcribed phrases are first
converted from Latin letters to IPA characters using a
word-to-phoneme dictionary, such as the CMU
Pronouncing Dictionary for English [3]. Words not in
the dictionary, such as misspellings or uncommon
names, are converted to IPA characters using a
grapheme-to-phoneme engine, such as g2p_en [20].
Once the IPA transcription of the target phrase and
participant transcription are obtained, the
phonological edit distance is calculated using the
weighted feature edit distance of the PanPhon library
[17], which represents every IPA segment as a vector
of phonological features and weights the costs of
feature edits differently depending on their class and
subjective variability. To normalize the phonological
edit distance to lie between zero and one, we then
divide it by the weighted feature edit distance
between an empty string and the longer of the two
strings, as this represents the maximum possible
weighted feature edit distance between them.

2. MEASURES
This section describes in detail the measures that we
propose and evaluate. All measures yield scores
between zero and one, with zero indicating a perfect
match between a transcription and target phrase. For
the first three measures, which are calculated
programmatically, transcriptions are pre-processed to
remove capitalization, punctuation, and extra spaces.
2.1. Lexical error rate

The traditional dictation scoring method (as described
in, e.g., [2, 8]) involves calculating the lexical error
rate, which is simply the proportion of words in the
target phrase that are absent in the participant’s
transcription. For example, for the target phrase “She
wants to be a police officer,” the transcription “She is
a police officer” receives a score of 0.43 (3/7 of target
words missing). To avoid reliance on human
judgments about the source or severity of spelling
errors, words must be spelled correctly to count.

2.4. Semantic error rate

2.2. Orthographic edit distance

The semantic error rate gauges how well a
transcription conveys the broad meaning of a target
phrase. The target phrase is broken down into its key
conceptual elements, defined by the phrase’s openclass lemmas and personal pronouns. For example,
for the target phrase “since I stopped going to the
gym,” the key elements are I, stop, go, and gym. We
score the participant transcriptions manually by
calculating the proportion of key concepts from the
target phrase that are missing from the transcribed
phrase, interpreting any spelling errors generously.
For a noun-phrase concept to count as present, it must
fill the correct thematic role in the sentence, and for a
verbal concept to count, the verb’s polarity
(positive/negative), but not tense or aspect, has to
match that of the target phrase. Thus, for the example
given above, the transcription “since I’m going to the
gym” receives a score of 0.25 (1/4 key concepts [stop]
missing), and “since I went to Germany” scores 0.50
(2/4 key concepts [stop, gym] missing).

The orthographic edit distance is a measure of how
accurately listeners perceived the sounds of the target
phrase, using letters as a proxy for sounds. Compared
to the lexical error rate, it gives more credit to
imperfect transcriptions containing similar sets of
letters in similar orders to those of the target phrases.
We implement the orthographic edit distance
between the transcribed and target phrases as the two
strings’ Levenshtein distance: the minimum number
of single-character edits, namely, insertions,
deletions, or substitutions, required to transform one
into the other [14]. For instance, to transform the
transcription “my fright night” into the target phrase
“my Friday night” requires minimally three
substitutions: replacing the last three characters of
“fright.” To normalize the edit distance to lie between
zero and one, we divide it by the number of characters
in the longer phrase, as this length represents the
maximum possible distance between two items.
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a subset (n = 45) took the LexTale [13], a measure of
their English vocabulary knowledge.

3. METHODS
To evaluate the four dictation measures, we
implemented them in a dictation task with reduced
speech given to non-native and native listeners.

3.4. Data pre-processing

To make the transcriptions comparable to each other
and to the target phrases for automatic scoring, we
processed the data so that for each contraction in the
target phrases, all versions of that contraction in the
transcriptions were converted to the same form (e.g.,
“because”, “’cause”, and “cuz” were all mapped onto
“’cause.”). As the Dutch listeners often wrote
compound nouns as one word (e.g., “policeofficer”
for “police officer”), we separated these forms into
two words to avoid penalizing this error pattern
relating to orthography rather than speech perception.

3.1. Participants

The participants were 116 native Dutch speakers
(mean age = 21.7 years, SD = 2.8) with advanced L2
English proficiency and 25 native American English
speakers (mean age = 24.1 years, SD = 2.7).
3.2. Materials

The dictation task comprised eight fragments of
spontaneous English speech produced by a female
American from Arizona in an informal dialogue.
Each fragment was one or two sentences long and
contained highly reduced productions. For each
fragment, a critical sequence of consecutive words
was selected to be the fill-in-the-blank target phrase
for participants to transcribe. The target phrases and
their broad phonetic transcriptions, illustrating
massive reductions, are listed in Table 1.

4. RESULTS
The four dictation measures clearly distinguish the
transcriptions of non-native and native listeners. As
shown in Figure 1, the Dutch listeners performed
significantly worse than the American listeners on all
measures (phonological distance (t(415.13) = 16.58),
orthographic distance (t(343.27) = 17.41), lexical
error rate (t(329.99) = 16.53), and semantic error rate
(t(297.60) = 12.73); all p’s < 0.001).

Table 1: Dictation task target phrases.

Target Phrase
I didn’t really know that, but I
need to take it to graduate
since I stopped going to the
gym
She wants to be a police
officer
I was thinking of just applying
to jobs in San Diego
My Friday night
she’s gonna let me know for
sure today
’cause that way we can be
together
I told him that I was thinking
about going to

Transcription of
Phrase as Spoken

Figure 1: Mean dictation scores for the set of
transcriptions made by Dutch (L2) listeners and
American (L1) listeners, with bar height
representing the amount of error and error bars
representing the standard error of the mean.

aɪ ɪn ɹɪli noʊ ðæ:t bət
aɪ niə teɪkɪtə gɹæʤuɛt
saɪ stɑp gowɪnə ʤɪm

= L2

ʃɑns i pəl:is ɔvəsəɹ

= L1

aɪz θɪŋə ʤɪst əplaɪnə
ʤɑbz ɪn sæn dieɪgoʊ
mʌ fɹɛ̃
ʃiz gənə lɛt mi noʊ
fʊɹ ʃʊɹ tədeɪ
ksæ weɪ i kn: bi
dəgɛðəɹ
aɪ toʊld ɪm ðæt aɪz
θɪŋmə goʊnə

3.3. Procedures

The four measures also show that participants’
answers incorporate more phonological and semantic
information than lexical error rate alone might
suggest. Transcriptions were most different from the
target phrases in lexical error rate, which was higher
than orthographic distance and semantic error rate
(t(140) = 21.22 and t(140) = 13.25 respectively, both
p’s < 0.001). Transcriptions were closest to the target
phrases in phonological distance, as this score was
lower than the orthographic distance, semantic error
rate, and lexical error rate (t(140) = 35.95, t(140) =

The dictation task was presented in the form of an
online, self-paced Qualtrics survey with one audio
fragment per page, which could be replayed as often
as desired. On each page, a partial transcription of the
recording was provided, and the participants’ task
was to listen to the recording and to type in the
missing words in the blank.
After the dictation task, all Dutch participants
completed a language background questionnaire, and
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17.02, and t(140) = 34.08, respectively, all p’s <
0.001). The scores for the measures of orthographic
distance and semantic error rate were equivalent
(t(140) = 1.80, p = 0.07).
For each of the four measures, an overall dictation
score was calculated for each participant by averaging
across the eight items. Table 2 presents correlations
between the Dutch listeners’ four overall dictation
scores and their self-rated English language
proficiency in speaking, listening, reading, and
writing; their average weekly hours of English
listening and speaking; and their LexTale scores.

From a practical standpoint, the easiest measures
to implement are lexical error rate and orthographic
edit distance as they are both calculated automatically
and do not need an external data source. Phonological
edit distance, while automatically calculated, requires
a dictionary for converting words or graphemes to
phonemes, which may be hard to find for some
languages. Semantic error rate, relying on a human
rater, is more time-consuming, subjective, and errorprone. It could conceivably be automated with the
right language model, but the time investment may be
prohibitively high except for very large data sets.
Given the four measures’ high intercorrelations,
using a subset of them can still be informative. For
instance, the lexical and orthographic measures, both
based on the degree of matching between the letter
sequences in the transcription and target phrase,
provide almost the same information except that the
former is binary (a word matches exactly or not at all)
while the latter is gradient (similarly spelled words
are less penalized). Thus, unless spelling accuracy is
of additional theoretical interest, the orthographic edit
distance could be used by itself as it already provides
a very good estimate of word recognition ability.
Combining the phonological edit distance and the
semantic error rate, which themselves have a lower
intercorrelation, sheds light on different aspects of
performance: how accurately phonological features
were recovered from the acoustic signal and how well
the meaning of the utterances was comprehended. As
listeners may employ different transcription
strategies, prioritizing either bottom-up or top-down
information, using both measures paints a more
complete picture of their abilities.
Using writing as a proxy for speech perception
comes with some caveats. For non-native listeners,
whose sound-to-orthography mappings can differ
from those of native listeners, dictation performance
may be less informative about their actual sound
representations. Also, since listeners tend to write real
words even when they are not a perfect match for the
perceived input, errors in letter sequences unrelated
to the sounds actually perceived can arise. Still, the
phonological distance measure allows the dictation
task to evaluate phoneme perception, even for
English with its notoriously irregular spelling system.
Overall, the combination of lexical, orthographic,
phonological, and semantic similarity measures
provides richer information than the traditional word
error rate about what linguistic units listeners recover
from the speech input. While we have shown how
these measures can be used to analyze transcriptions
of reduced speech, they are also suitable for any
research on speech perception in difficult conditions,
whether these involve properties of the speech itself,
background noise, or listener characteristics.

Weekly
Hours

Self-Rated
Proficiency

Table 2: Correlations between Dutch listeners’
dictation scores on the four measures and language
background questionnaire variables (* p < 0.05,
** p < 0.0018, the Bonferroni-corrected alpha).

Speaking

PHON
-.19*

ORTH
-.23*

LEX
-.30**

SEM
-.27*

Listening

-.24*

-.25*

-.31**

-.32**

Writing

-.19*

-.23*

-.27*

-.23*

Reading

-.24*

-.29**

-.32**

-.30**

Speaking

-.03

-.09

-.07

-.11

Listening

-.12

-.19*

-.22*

-.29**

LexTale

-.36*

-.35*

-.44*

-.40*

As shown in Table 3, the four measures have
medium to high correlations with each other. The
orthographic distance correlates highly with both the
lexical error rate and phonological distance; this
follows from the fact that they all depend on the
specific letter sequences in the transcription for their
calculation. As to be expected, the lowest correlation
is between the semantic and phonological measures.
Table 3: Matrix of Pearson correlation coefficients
for the transcriptions’ scores on the four measures.

PHON
ORTH
LEX
SEM

PHON
1.00
.90
.77
.67

ORTH
.90
1.00
.92
.79

LEX
.77
.92
1.00
.87

SEM
.67
.79
.87
1.00

5. DISCUSSION
This paper demonstrated how four measures targeting
accuracy at different levels, with different degrees of
granularity involved in their calculation, can be used
to score dictation data, thereby increasing the amount
of information that dictation tasks can yield for
speech perception research.
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ABSTRACT
This study examines the role of native phonetic
patterns in perception of word-initial consonant
clusters. Specifically, we ask how phonotactically
native CC clusters produced with atypical interconsonant timing patterns are perceived by native
speakers of Georgian and French. Georgian permits
more varied onset clusters than French, produced
with a longer inter-consonant lag than in French. A
Georgian native speaker and a French native speaker
produced CCV and CVCV stimuli with their own
native phonetic patterns. Listeners heard the stimuli
in CCV-CVCV pairs, and determined whether the
two sequences were the same or different. The results
show that French listeners confused Georgian CCV
with Georgian CVCV even when the clusters are
legal in French. Furthermore, some Georgian
listeners confused French CCV with French CVCV.
These results suggest perception of foreign consonant
clusters is guided not only by native phonotactics, but
also by preferred inter-consonant timing patterns of
the listeners' native language.
Keywords: onset CC cluster, non-native perception,
inter-consonantal timing lag, transitional vowel
1. INTRODUCTION
The perception of non-native consonant clusters has
been investigated extensively with a primary focus on
the role of native phonotactics. Phonotactically illicit
clusters are perceptually assimilated to their licit
counterparts, making the discrimination between the
two very difficult (e.g., [5, 7]). However, recent
findings suggest that such perceptual assimilations
are not exclusively driven by the listeners'
phonological knowledge. Rather, listeners' behaviors
seem to be influenced by the phonetic properties of
the stimuli as well as by the preferred phonetic
settings of the listeners' native language (e.g., [5, 8,
9]). This study aims to investigate the role of phonetic
patterns of both the stimuli and the listeners' native
language in consonant cluster perception. Focusing
on onset CC clusters of Georgian and French, and a
well-documented perceptual "repair" strategy
involving "illusory vowels", we examine how the
perception of onset CC clusters can change due to
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phonetic as well as prosodic differences between the
languages of the stimuli and the listeners.
Specifically, we ask whether native listeners of
French and Georgian can distinguish C1C2V2
sequences, including CC clusters with atypical
phonetic patterns, from their C1V1C2V2 counterparts.
The following dissimilarities between French and
Georgian are expected to influence how listeners of
one language will behave when confronted with the
consonant clusters produced by a speaker of the other
language. First, in terms of phonotactics, Georgian
permits more varied onset CC clusters than French.
Second, the two languages differ in their articulatory
timing between the consonants of a cluster: Georgian
has a longer inter-consonant timing lag than French
[2, 10]. This longer lag often results in a transitional
vowel (a vocalic transition between the two
consonants of a cluster) in Georgian native speakers'
production [3]. Third, Georgian and French differ in
their prominence pattern: For disyllabic words,
Georgian shows initial prominence ('CVCV) whereas
French typically has final prominence (CV'CV) [4].
For French listeners, not all Georgian onset CC
clusters are licit in their native language. If the
listeners' native phonotactics affect their perception
of non-native clusters as in [7], French listeners are
predicted to have difficulty discriminating Georgian
CCV and 'CVCV only when the CC is not licit in
French. The perceptual "repair" is not expected when
CC is licit in both languages, even if it has atypical
timing patterns. On the other hand, if phonetic
implementation of consonant clusters can influence
the perceptual patterns, French listeners can possibly
assimilate Georgian CCV sequences to French
CV'CV. This is because Georgian CC clusters
typically have a long inter-consonant lag often
accompanied by a transitional vowel, and V1 in
French C1V1'C2V2 does not bear prominence. In this
case, French listeners will have difficulty
discriminating Georgian CCV and 'CVCV sequences,
as both will be assimilated to French CV'CV,
regardless of the nativeness of the CC clusters.
For Georgian listeners, onset clusters produced by
a native French speaker are phonotactically licit but
phonetically atypical. Also, the unstressed V1 in
French disyllabic C1V1'C2V2 can be more similar to
the transitional vowel in Georgian CCV than to the
V1 in Georgian 'C1V1C2V2 in terms of its duration and

vowel quality. French /ø/, when unstressed, can be
qualitatively similar to the Georgian transitional
vowel. Thus, we predict Georgian listeners will have
difficulty discriminating French CCV and Cø'CV
sequences, as both will be assimilated to Georgian
CCV.
2. METHODS
2.1. Participants

Participants were 43 native speakers of French and 34
native speakers of Georgian. French participants were
recruited and tested at Université Paris Diderot,
France, and Georgian participants at Tbilisi State
University, Georgia.
The participants were not monolingual speakers.
Most of the Georgian participants reported speaking
Russian and/or English as their second languages.
The French participants had studied English in school.
Nonetheless, we tried to control for the language
experience of the participants by excluding French
participants who knew any cluster-heavy languages
(e.g., Slavic languages, Moroccan Arabic) and
Georgian participants who knew languages with front
rounded vowels (e.g., French, German, Azerbaijani).
2.2. Stimuli

2.2.1. French
The French stimuli consisted of C1V1C2V2 pseudowords, which had 8 different C1C2 combinations (/bl/,
/gl/, /pl/, /kl/, /sk/, /sp/, /ps/, and /pt/), and 4 different
V1 conditions (/a/, /u/, /ø/, and 'no vowel'). V2 was
fixed to /a/. This yielded four items per each C1C2
combination (e.g., /pata/, /puta/, /pøta/, and /pta/). All
these sequences are attested in French, although /pta/
and /psa/ are considered 'rare' in their occurrence [6].
A female native speaker of French recorded the
French stimuli in carrier sentences. Each of the 32
items (8 C1C2 combinations * 4 V1) was repeated 4
times. Two tokens with similar V2 durations were
selected for each word, and then used to make
stimulus pairs. The selected tokens were cut from the
carrier sentences from the point when C1 was free
from the coarticulatory information of the previous
vowel to the F2 offset of the V2 /a/.
Four types of "same" pairs were composed by
concatenating two tokens per word (e.g., /pata/1/pata/2, /puta/1-/puta/2, /pøta/1-/pøta/2, and /pta/1/pta/2). The "same" words in each pair were not
acoustically identical, but phonologically (or
lexically) equivalent to the speaker who produced the
stimuli. The "different" pairs included CCV
sequences paired with CVCVs (e.g., /pta/-/pata/,
/pta/-/puta/, and /pta/-/pøta/), and two CVCV
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sequences with different V1 (e.g., /pøta/-/pata/,
/pøta/-/puta/). The "words" in each pair were
separated by a 500 ms inter stimulus interval. The
ratio between same and different pairs were 4:5.
Table 1 shows the V1 duration of the French
stimuli, separating the C1C2 combinations into
obstruent-obstruent (OBS-OBS) and obstruent-liquid
(OBS-LIQ). None of the French 'no vowel' tokens were
produced with a transitional vowel. We labelled as the
transitional vowel any vocalic element between C1
and C2 with periodicity, voicing, and a clear
discontinuity in spectrogram (when C2 is /l/).
Table 1: V1 durations (ms.) in French stimuli.

C1C2
OBS-OBS
OBS-LIQ

V1: a
65.7
73.8

V1: ø
55.3
67.0

V1: u
55.6
56.6

2.2.2. Georgian
Georgian stimuli had the nearly identical structure to
the French stimuli except for the following
differences. First, 25 C1C2 combinations, that are
phonotactically legal in Georgian, were included.
This includes: OBS-OBS and OBS-LIQ licit in French
(/pt/, /ps/, /sk/, /sp/, /pl/, /kl/, /bl/, /gl/), OBS-OBS illicit
in French (/bd/, /bg/, /dg/, /gb/, /gd/, /tb/, /bz/, /gz/,
/ks/, /zg/), obstruent-nasal (OBS-NAS: /bn/, /gm/, /gn/),
nasal-obstruent (NAS-OBS: /mg/, /nb/, /ng/), and
liquid-obstruent (LIQ-OBS: /lb/). Second, V1 has only
three conditions (/a/, /u/, and 'no vowel'), as Georgian
lacks /ø/ in its inventory.
A total of 75 pseudo-words were produced 4 times
by a female native speaker of Georgian. The recorded
tokens were processed in the same way as the French
tokens to make the stimulus pairs. Georgian stimulus
pairs included three types of "same" pairs (e.g.,
/bada/1-/bada/2, /buda/1-/buda/2, and /bda/1-/bda/2),
and two types of "different" pairs (e.g., /bda/-/bada/,
and /bda/-/buda/). The ratio between same pairs and
different pairs were 3:4. The V1 durations of the
Georgian stimuli are summarized in Table 2.
Table 2: V1 durations (ms.) in Georgian stimuli.
F denotes C1C2 combinations licit in both languages
and G denotes those licit only in Georgian.

C1C2
OBS-OBS (F)
OBS-LIQ (F)
OBS-OBS (G)
OBS-NAS (G)
NAS-OBS (G)
LIQ-OBS (G)

V1: a
88.9
124.5
124.7
134.4
120.3
114.3

V1: u
58.2
126.6
98.9
110.7
94.5
106.6

no V1
43.0
59.7
68.7
81.7
79.3
83.7

2.3. Procedure and task

The experiment consisted of a same-different
discrimination task, using an AX paradigm. On each
trial, the participants heard a pair of "words" over
headphones, and were asked to determine whether
they heard two different words or two repetitions of
one word. The participants were told that the stimuli
may include a foreign language, but we did not tell
them which language it might be.
All stimulus presentation was implemented using
PsychoPy2 on a Macintosh laptop computer, with a
response pad and headphones. Each participant heard
one repetition of the native pairs and two repetitions
of non-native pairs throughout the experiment. This
yielded a total of 494 pairs for French participants
(144 French + 175 Georgian * 2), 463 pairs for
Georgian participants (144 French * 2 + 175
Georgian). Stimulus pairs were presented in a
randomized order in three blocks separated by selfpaced breaks. Each block contained one repetition of
stimuli (either French or Georgian). The order of
native and non-native blocks was counter-balanced.
Each new pair was played one second after the
participant hit the button for the previous item.
Participants were first given 8 practice trials with
feedback to familiarize themselves with the task and
stimulus. No feedback was provided during the main
experiment. After the experiment, participants
completed a self-report language background form.
All written instructions, survey and consent forms
were provided in the participants' native language.
3. RESULTS

The d' scores of the participants were analysed
using a repeated-measures ANOVA. The withinsubjects independent variables were CONTRAST TYPE
(CCV-CaCV, CCV-CuCV, CCV-CøCV, CøCVCaCV, CøCV-CuCV), and STIMULUS LANGUAGE
(French, Georgian). LISTENER GROUP (French,
Georgian) was included as a between-subjects
independent variable. This ANOVA revealed a
significant three-way interaction among CONTRAST
TYPE, STIMULUS LANGUAGE, and LISTENER GROUP
[F(1,74) = 19.15, p < 0.001]. To further investigate
the interaction (see Fig. 1), separate ANOVAs were
conducted for each listener group.
3.2. Georgian listeners

The d' scores of the Georgian listeners were analysed
in a repeated-measure ANOVA with CONTRAST
TYPE, and STIMULUS LANGUAGE as independent
variables. The results revealed that the interaction
was not significant [F(1,32) = 1.37, p = 0.251]
although the main effects were significant for
STIMULUS LANGUAGE [F(1,32) = 8.38, p = 0.007] and
for CONTRAST TYPE [F(4,128) = 84.86, p < 0.001].
Tukey HSD post-hoc tests revealed the following
patterns of d' results for contrast type: CCV-CaCV =
CCV-CuCV = CøCV-CaCV > CCV-CøCV > CøCVCuCV ('>' indicates significantly greater d' at p <
0.05). See the upper-right panel of Fig. 1. For
stimulus language, Georgian listeners had higher d'
for Georgian stimuli than for French stimuli.
3.3. French listeners

Unlike Georgian listeners, the analysis of French
listeners' d' scores revealed a significant two-way
interaction between STIMULUS LANGUAGE and
CONTRAST TYPE [F(1,42) = 30.97, p < 0.001]. Tukey
HSD post-hoc tests revealed the following patterns of
d' results: all French pairs > Georgian CCV-CuCV >
Georgian CCV-CaCV. See left panels in Fig. 1.
To further investigate the role of French
phonotactics in French listeners' sensitivity to
Georgian CCV-CVCV pairs, another ANOVA was
conducted on French listeners' d' scores on Georgian
stimuli. This time, NATIVENESS of the clusters
(native, foreign (Georgian-only)) was included as a
within-subjects independent variable. This variable
differed from STIMULUS LANGUAGE, as it considered
clusters produced by the Georgian speaker "native" as
long as the segmental composition is licit in French.
The results of this ANOVA revealed a significant
interaction between NATIVENESS and CONTRAST
TYPE [F(1,42) = 89.84, p < 0.001]. Tukey HSD posthoc tests revealed the following patterns of d' results:
(1) French listeners' d' was higher for CCV-CuCV
than for CCV-CaCV for both native and foreign

3.1. Overall results

D-prime scores (d'), a measure of sensitivity, were
calculated for each tested contrast and each
participant. The overall d' data are plotted in Fig. 1.
Figure 1: d' scores for each contrast type for French
and Georgian stimuli by French and Georgian
listeners. Black diamonds represent the mean.
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clusters. (2) For CCV-CuCV, native = foreign. (3) For
CCV-CaCV, foreign > native. See Fig. 2.
Figure 2: d' scores for Georgian stimuli by French
listeners for native (phonotactically licit in French)
and foreign (Georgian-only) clusters.

This outcome indicates that French listeners'
discrimination of Georgian CCV-'CaCV was less
accurate when the CC clusters were licit in their
native language than when the clusters were illicit. To
understand the source of this low sensitivity to
Georgian CCV-CaCV, we further examined the
French listeners' accuracy for each manner-based
category of C1C2 combinations (Table 3). It turned out
that the French listeners' accuracy was the lowest for
the OBS-LIQ, followed by the OBS-NAS, presumably
due to the phonetic properties of the stimuli. Notably,
the accuracy for the OBS-OBS did not differ whether
the clusters are phonotactically licit or not.
Table 3: French listeners' accuracy (% correct on
"different" trials) for Georgian stimuli. (F: C1C2 licit
in French/Georgian; G: licit only in Georgian)

C1C2
OBS-OBS (F)
OBS-LIQ (F)
OBS-OBS (G)
OBS-NAS (G)
NAS-OBS (G)
LIQ-OBS (G)

CC-CaC
85.0
49.0
85.5
69.5
76.3
90.6

CC-CuC
96.1
95.9
94.8
96.7
81.9
91.9

4. DISCUSSION
This study examined how native speakers of
Georgian and French perceive word-initial CC
clusters with phonetic patterns that are atypical in
their respective native languages in discrimination
tests contrasting CCVs with CVCVs.
The Georgian results demonstrate that Georgian
listeners had difficulty with non-native /ø/. French
Cø'CV was the most confusable with French Cu'CV,
which can be straightforwardly explained by the
Perceptual Assimilation Model [1]. French /ø/ was
perceptually assimilated to Georgian /u/, the closest
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native category. Both French Cø'CV and Cu'CV were
assimilated to Georgian 'CuCV, resulting in low
discrimination accuracy for Cø'CV-Cu'CV.
However, Georgian listeners' discrimination
accuracy of French CCV-Cø'CV pairs was not as
good as those of CCV-Ca'CV, CCV-Cu'CV, and
Cø'CV-Ca'CV pairs. Since French CCV tokens never
included a transitional vowel between the two
consonants, this suggests that Georgian listeners, at
least sometimes, assimilated French Cø'CV to
Georgian CCV instead of 'CVCV. In this case, the
Georgian target for perceptual assimilation of French
/ø/ in /C1ø'C2a/ could arguably be (1) a part of C1 in
/C1C2a/ (presumably a long release of C1, which could
take the form of a transitional vowel) or (2) the long
inter-consonantal timing lag between C1 and C2,
which could be acoustically equivalent to 'C1 release,'
or 'longer C1 release + C2 closure silence' if C2 is a
stop. The current result cannot discriminate these two
possibilities. Nonetheless, it clearly indicates that the
preferred phonetic patterns in Georgian contributed to
Georgian listeners' perception of French Cø'CV
sequences.
On the other hand, the French results show that
French listeners confused Georgian C1C2V and
'C1aC2V even when the C1C2 clusters were licit in
their native phonotactics, especially when C2 is /l/.
This is against the prediction of phonotactics. For
instance, /pla/ is licit in French, and there is no reason
for French listeners to confuse it with /pala/ if their
perception is guided exclusively by native
phonotactics. The current outcome corroborates
previous findings [5], suggesting different manner
combinations can lead to different perceptual repairs.
French listeners' poor discrimination of Georgian
CCV-'CaCV is presumably due to the phonetic
pattern of the Georgian CCV stimuli. Due to its
longer C1-C2 lag and frequent transitional vowels,
Georgian CCV sequences, even when the CC cluster
is attested in French, are a closer match to French
Ca'CV than to French CCV.
In sum, the current results suggest the perceptual
repair does not solely depend on the segmental
composition of the non-native clusters. Even when
onset CC clusters are attested in the listeners' native
language, the mismatch in the phonetic patterns of the
stimuli language and the listeners' native language
can lead to confusion between CCV and CVCV.
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ABSTRACT
This study explores how variations in the distribution
of a novel phonetic pattern across talkers and vowel
categories affect perceptual adaptation to speech.
Listeners were exposed to a shifted phoneme category
realization either in all words produced by one of two
speakers (Expt 1) or within a subset of the words
(comprising a natural class: i.e., containing mid
vowels) produced by one of two speakers (Expt 2).
We find that when listeners are exposed to the shifted
pattern across all words in a single voice, they adapt
to that speaker only. However, when the shifted
pattern is present only in mid vowels from one
speaker, listeners show adaptation to words with that
vowel category and generalize across speakers. Our
results indicate that the distribution of a phonetic shift
across linguistic (vowel-class) and social (talkerspecific) categories affects the target for adaptation
that listeners generate.

hear particular words with similar phonological
structures, like “den” and “ben”, from a single talker
with a novel phonetic realization, which category will
listeners employ as the target of adaptation? A
phonetic shift might be encoded with: 1) just the
social information (for that talker, generalizing across
words), 2) just linguistic information (for those
words, generalizing across talkers), or 3) both (for
just those shifted words spoken by that talker). The
distribution of phonetic variation over productions by
talkers during exposure influences specificity of
category learning in infants [9]: talker-word
correlated variation led babies to generate highlyspecific shifted categories (i.e., our option 3). We test
these possibilities for how talker-item correlation
influences adult perceptual adaptation by varying the
distribution of a novel phonetic pattern present across
words and talkers.
2. EXPERIMENT 1

Keywords: Perceptual Adaptation, Coarticulation,
Distribution of Phonetic Variation.
1. INTRODUCTION
Using lexical knowledge, L1 sound-to-meaning
mappings can be retuned following exposure to a
novel accent [1, 2]. Since talkers’ voices differ in
ways that can be idiosyncratic (“Sarah sounds rather
nasal”) or social (“Minnesotans talk nasally”),
successful comprehension depends on adaptation to
variable speech patterns. Exploring how listeners
adapt to variations in the realization of lexical
categories can inform speech perception theories.
Yet, the nature of the representations that listeners
generate during perceptual adaptation is unresolved.
For one, there is conflicting evidence as to whether
perceptual adaptation is talker-specific or not. In
some work, perceptual learning in one voice
generalizes to new talkers, e.g., [2]; However, talkerspecific adaptation has also been observed, e.g., [4].
Thus, it is unclear under what conditions listeners
generate veridical, talker-specific or generalizable,
cross-talker category shifts.
How patterns of exposure influence the specificity
of categories over which perceptual shifts apply is the
focus of the current study. Specifically, if listeners
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Experiment 1 tests whether listeners adapt to distinct
talker-specific coarticulatory patterns heard across all
word productions by each talker.
2.1. Methods

2.1.1. Stimuli
A female native English speaker produced repetitions
of words used to create the stimuli for Experiments 1
& 2. Words used for stimuli creation included ten sets
of CVC-CVN-NVN minimal triplets with matching
onset and coda place of articulation (/ɛ, ɑ, ʌ, e, æ/ in
bVd-bVn-mVn and dVd-dVn-nVn frames).
These items were modified in three ways to create
the stimulus items (after amplitude-normalization):
First, all items were modified to create an additional
apparent talker, i.e., apparent male voice. The voice
modification was intended to create two apparent
talker versions of identical items, so that idiosyncratic
aspects of two talkers remained identical. Items were
manipulated by lowering both f0 and formant
frequencies to a value roughly appropriate for an
adult male. The result was two versions of each item:
one with characteristics of an adult female (high f0
and FFs) and another with characteristics appropriate
for an adult male (low f0 and FFs). Next, stimuli for

the exposure phase (procedure details below)
consisted of items with vowels same- or cross-spliced
from different tokens to create distinct phonetic
variation patterns for each talker across words. For
the “unshifted” pattern, nasal vowels (from CVN
contexts) were same-spliced into C_N frames; also,
oral vowels (from CVCs) same-spliced into C_C
frames. For the “shifted” pattern, hypernasal vowels
(from NVNs) were cross-spliced into C_N frames;
and, nasal vowels (from CVNs) were cross-spliced
into C_C frames. Finally, stimuli for the test phase
(procedure details below) consisted of CV syllables
containing nasal vowels spliced onto initial
consonants of each item for each speaker. Syllables
containing were also generated as control items.
Syllables were gated into wide-band noise, 5dB less
than the vowel’s peak intensity (following methods in
[8]) to reduce perceptual biases toward a final stop
coda.
2.1.2. Participants & Procedure
58 native English-speaking UC Davis undergraduates
participated in Experiment 1, consisting of an
exposure phase, followed by a word-completion task
(test phase). None reported any visual or hearing
impairments.
The goal of the exposure phase was to provide
lexically-guided experience with the speaker-specific
phonetic patterns. During exposure, listeners heard
the two apparent talkers with systematically different
patterns of vowel nasality in CVC and CVN words
productions. One voice produced appropriate vowels
in CVC and CVN words. This is the “unshifted”
voice, whose productions in exposure reflect their
natural coarticulatory patterns. The other voice,
referred to as “shifted”, produced nasalized vowels in
CVC words and hypernasalized vowels in CVN
words; their productions reflect nasality patterns of
shifted structural categories, with enhanced vowel
nasality (see Table 1 for a examples). During
exposure, we also presented listeners with an
unshifted voice, of the other gender (e.g., if the
listener heard a female shifted voice, they also heard
a male unshifted voice, and vice versa). In so doing,
we aimed emphasize differences in the structured
variation present in both voices.
Apparent
talker
assignments
were
counterbalanced across two groups: 28 participants
heard the female voice “shifted” in exposure; 30
participants heard the male voice “shifted” in
exposure. Participants heard each of the 20 words
(comprised of 10 CVC-CVN minimal pair items) two
times in each voice (=80 exposure trials). On each
exposure trial, a word was presented auditorily, and
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the corresponding lexical item was presented on the
screen.
Table 1: Exposure Phase example trials.
Talker

CVC category CVN category
Hear: See: Hear: See:

“Unshifted” Voice [ded] “dead”
“Shifted” Voice

[dẽd] “dead”

[dẽn] “den”
[dẽn] “den”

Immediately following exposure, participants
completed a word completion task (test phase). This
task follows [8]: on a given critical trial, listeners hear
a syllable fragment containing a nasal vowel, gated
into noise. Listeners then selected one of two minimal
pair choices to complete the lexical item (either a
CVC or CVN, corresponding to the minimal pair
option for that syllable). In the test phase, listeners
heard both voices produce CV syllables containing
nasal vowels. Since listeners had already heard both
voices in exposure, we expect the likelihood of
identifying nasal vowels as CVC or CVN items to
vary based on whether they heard that particular voice
as shifted or unshifted in exposure.
Participants heard an equal number of control
trials with an oral vowel, so their responses would not
be biased toward nasal lexical choices. There were 40
test trials (2 repetitions of ten minimal pairs*2
talkers), plus 40 filler trials.
2.2. Results

Listener responses were coded for completing the
fragment as either the CVN (=1) or the CVC minimal
pair item (=0) in each test trial. Listeners’ mean
responses for identifying word fragments as the CVN
item are provided in Figure 1. A logistic mixedeffects regression model was fitted to the responses
using the glmer() function in lme4 [1] using R [10].
The model included two fixed effects predictors, and
the two-way interaction, to test the effect of exposure
to talker-specific vowel coarticulatory patterns on
subsequent vowel categorization. First, Talker
Exposure Pattern, a categorical variable with two
levels (unshifted voice, shifted voice [base level]),
tested whether hearing either that voice as unshifted
(i.e., CVC-CṼN phonetic pattern) or that voice as
shifted (i.e., CṼC-CṼ̃N phonetic pattern) in exposure
influenced the likelihood of lexical completion.
Third, Speaker was included as a categorical variable
with two levels (Male voice or Female voice [base
level]) to test whether hearing the shifted phonetic
pattern in one of the apparent talkers’ voices
influenced adaptation behavior. The model included
by-participant random intercepts and by-participant

random slopes for Speaker and Talker Exposure
Pattern (within-subject factors).
Figure 1: Test Phase. Pooled proportion of CVN
responses to syllables with nasal vowels, after
exposure to one voice with a shifted nasality pattern
(either M-shifted or F-shifted; between-subjects).

There are several possibilities for how changing the
distribution of the novel phonetic pattern in exposure
will influence listeners’ adaptation. Listeners might
adapt veridically, displaying the perceptual shift only
on the specific vowels by the talker who was shifted
in exposure. Alternatively, the target of adaptation
might be broader. Listeners might identify the
phonological (here, vowel-class) category as the
target of adaptation, displaying the shift in mid vowel
for both talkers (generalizing across talkers). Or, the
target of adaptation might be talker-specific, in which
we predict listeners will shift all vowels produced by
the mid-vowel-shifted talker (generalizing across
vowel categories).
3.1. Methods

Overall, there was a main effect of Talker Exposure
Pattern: listeners were reliably more likely to select
the CVN minimal pair for nasal vowel syllables
produced by the unshifted voice in exposure (78%),
relative to responses in the shifted voice (69%)
(z=3.5, p<.01). This main effect is seen in Figure 1.
There was not a significant two-way interaction
between Speaker Gender and Talker Exposure
Pattern (z=-3.3, p=.5). Although the magnitude of the
shift appears larger in the apparent-Male voice than
for the apparent-Female voice, this was not reliably
different. No other main effects were significant.
These results indicate that listeners generate a
speaker-specific representation for phonetic-to-sound
category mapping for vowel nasality patterns. After
hearing a category-shifted speaker, who produced
nasalized vowels in CṼC words and hypernasalized
vowels in CṼ̃N words, listeners were more likely to
categorize that speaker’s nasal vowels as signaling
CVC words, relative to nasal vowels in the unshifted
talker’s voice. Hence, listeners adapted to talkerspecific vowel-nasality systems signaling nasal
lexical contrasts.
3. EXPERIMENT 2
Experiment 2 examines whether the distribution of a
shifted phonetic pattern within a single talker’s
productions influences patterns of perceptual
adaptation. As in Experiment 1, listeners were
exposed to two apparent talkers: one talker is
unshifted, while the other talker has shifted nasality
patterns (and, they vary in apparent gender). Now,
however, the shifted talker produced a vowel-specific
shift: only the mid vowels are shifted.
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Experiment 2 used the same stimuli and procedures
from Experiment 1—only the distribution of the
shifted phonetic nasality pattern in the exposure
phase differed. 74 native English-speaking UC
Davis undergraduates participated in Experiment 2
(with no reported visual or hearing impairments). One
listener group (n=37) was exposed to the shifted
phonetic nasality pattern in mid vowels only in the
Male voice and the unshifted pattern in low vowels in
the Male voice and all words produced by the Female
voice; the other group (n=37) was exposed to the
shifted phonetic nasality patterns in words with mid
vowels produced by the Female voice only and
unshifted nasality patterns in all other words by the
Female and the Male voice. Our decision to subset the
vowel categories in this way (i.e., mid vs. low vowels)
reflects patterns of differential degrees of
coarticulatory nasality as a function of vowel height
cross-linguistically [3].
3.2. Results

Listener responses, coded for nasal word responses as
in Experiment 1, are provided in Figure 2.
Responses to nasal vowels were analyzed using a
mixed-effects logistic regression. The model included
main effects of Vowel Height (mid, low), Talker
Exposure Pattern (unshifted voice, shifted voice [base
level]), tested whether hearing either unshifted (i.e.,
CVC-CṼN phonetic pattern) or shifted (i.e., CṼCCṼ̃N phonetic pattern), and Speaker (F, M). All
possible interactions were also included. Byparticipant random intercepts and by-participant
random slopes for Vowel Height and Speaker (and
their interaction) were included.
Vowel height was a significant predictor of CVN
word responses for nasal vowels: listeners were more
likely to indicate that nasal low vowels signaled a
CVN item (89%) than nasal mid vowels (78%) (z=4,

p<.001). Even though they were exposed to a shifted
nasal system in only a portion of the words with mid
vowels in the pre-test, there was not an interaction
between Group and Vowel Height (p=.6). However,
the three-way interaction of Vowel Height,
Participant Group, and Talker was significant (z=2.1,
p<.05). This interaction is illustrated in Figure 2:
listeners who heard only mid vowel shifted in the
female voice in exposure (right panel) displayed mid
vowel adaptation in both the female’s mid vowel and
the male speaker’s mid vowels; meanwhile, listeners
who heard only shifted mid vowels in the male
talker’s voice in exposure (left panel) did not
generalize the shift to the female voice.
Figure 2: Test Phase. Pooled proportion of CVN
responses to syllables with nasal vowels, after
exposure to a shifted voice (either M-shifted or Fshifted; between-subjects condition) in mid vowels
only.

4. GENERAL DISCUSSION
We find that the distribution of phonetic variation
influences perceptual adaptation: Speaker-specific
adaptation occurs when two talkers display distinct
patterns across all their word productions
(Experiment 1). Yet, when a single talker displays a
vowel category-specific distribution of a novel
phonetic pattern, listeners are more likely to hone in
on the linguistic category (here, mid vowels) as the
target of the perceptual boundary shift and generalize
over talker identity (Experiment 2, for the Female
shifted group). Thus, these findings reveal that how
variation is distributed in speech between social
(here, talker-specific) and linguistic (here, vowel
phoneme) categories influences which of those
categories listeners generalize over during perceptual
adaptation.
The observation that the distribution of phonetic
variation during exposure influences whether
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listeners display veridical adaption or generalize is
relevant for proposed mechanisms of perceptual
learning. For example, [6] argues that perceptual
adaptation is driven by the phonetic patterns present
in the input, and does not involve a relaxation of the
criteria for a phoneme category. Our results support
the fact that adaption is systematically related to the
structured variation in the input, however, we suggest
that this mechanism is sensitive to how the phonetic
variation is distributed over linguistic and social
categories, weighing the linguistic category over the
social category, in some cases, when they correlate.
We also observed a gender asymmetry in
Experiment 2: adaptation was in fact veridical for the
male voice (i.e., there was no generalization to the
female voice when the male’s mid-vowels were
shifted); meanwhile, generalization from femaleshifted to the male voice in testing was observed in
Experiment 2. Notably, this aligns with reports from
prior work: for example, [4] found that listeners
trained in a fricative category shift on a female voice
generalized to a male voice, but not vice versa. Thus,
there is evidence of asymmetries in adaptation to
male and female voices. One question is whether
these are reflective of adaptation to the general social
categories, or simply idiosyncratic talker effects.
More robust generalization of category shifts from
female talkers is a scenario which aligns with
observations of sound changes being led by young
female speakers in a speech community (e.g., [5]). If
listeners reflect sensitivity to socio-indexical
categories during generalization of perceptual
adaptation, this could be one explanation for how
innovative phonetic variants diffuse socially across
speech communities. Another potential explanation
could stem from the fact that one voice was natural
(female) and the other was synthesized from (male):
Thus, this could have led listeners to adapt differently
for the male voice than for the female voice. These
possibilities can be addressed in future work.
Listeners adapt to innovative speech patterns by
shifting their perceptual boundary of a sound category
from exposure to a novel phonetic variant when
presented in a lexical item. In some conditions, that
perceptual shift is associated and applied only to the
voice in which the shift was initially heard. In other
cases, listeners generalize that shift to other talkers
even if the innovative pattern was not heard in that
particular speaker’s voice. The conditions under
which adults generalize a perceptual shift is an
important avenue to explore because it has
implications for sound change: the generalization of
a novel sound-to-meaning mapping to different
speakers can provide insight into the origin and
spread of sound change within a speech community.
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ABSTRACT

articulatory merged gestures are reflected in the degree of nasalization. The current study tackles
these issues by asking two research questions: (1)
Is there any articulatory evidence of syllable-final
nasal merging in Taiwan Mandarin? If so, can the
merging be accounted for by the biomechanics of
the tongue? (2) Are there any differences regarding the degree of nasalization of the pre-nasal vowels in relation to the articulatorily merged nasals?
To uncover the articulatory gestures of syllable-final
nasals, we used ultrasonography to examine the
overall posture of the whole tongue and a 3D tongue
model to simulate tongue postures in different vowel
contexts. The acoustics of the pre-nasal vowels were
also measured and analyzed to answer the second research question.

Syllable-final nasals /n/ and /N/ in Taiwan Mandarin have been reported to be undergoing merging. Perceptual studies have reported that the alleged merging is context-sensitive and the merging
directions are vowel-dependent. These findings have
been mostly attributed to dialectal and social factors.
The current study uses ultrasonography to capture
postures of the entire tongue during the production
of syllable-final nasals. The results, though confirming that the merging directions of syllable-final
nasals are vowel-dependent, are best accounted for
by the biomechanics of the tongue, as supported by
computational 3D model simulations. Furthermore,
for some speakers, although nasals were merged
in tongue postures, the degrees of nasalization of
the preceding vowel were contrastive, suggesting
that the merging process is incomplete. The effect of nasalization on different syllabic positions
and potential influences from the exposure to Taiwan Southern Min are also discussed.

2. METHODS
2.1. Participants

Data were collected and analyzed from nine participants (6F, 3M) with a mean age of 23.2. All participants were native speakers of Taiwan Mandarin,
and none reported any auditory or visual disabilities.
The study was conducted in accordance with ethical
guidelines approved by National Chiao Tung University, Taiwan. All participants were compensated
monetarily for their time.

Keywords: nasal merging, nasalization, ultrasound,
Taiwan Mandarin
1. INTRODUCTION
While Mandarin syllables allow nasal /n, N/ codas,
these syllable-final nasals have been reported to be
undergoing merging in Taiwan Mandarin [4, 7, 8].
Previous studies have shown that /in/ is more likely
to be merged to [iN], whereas /@N/ is more likely
to be merged to [@n]. Moreover, merging only occurs in /i/N and /@/N contexts but not in /a/N context. Acoustically, the syllable-final /n, N/ affects the
nasalization of the preceding vowels to different degrees [2, 11]. Specifically, pre-/N/ vowels are more
strongly nasalized than pre-/n/ vowels [11]. However, it remains unclear whether the alleged syllablefinal nasal merging has an articulatory grounding
(e.g., overlapped tongue postures) and whether the

2.2. Apparatus

The ultrasonography recording was conducted using
a portable ultrasound machine (CGM OPUS5100)
with a transvaginal electronic curved array probe
(CLA 651). Participants sat upright wearing the ultrasound stabilization headset by Articulate Instruments [1]. The transducer was fixed at 90 degrees
for every participant and was adjusted along the
midsagittal tongue contour. A Samson C01U hypercardioid condenser microphone was placed directly
facing the participant’s mouth approximately 20 cm
away. Acoustic and ultrasound data were recorded
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SS ANOVA not only visualizes the optimal fits
for tongue postures but also provides statistically
explanatory power: any white space between two
pairs of ribbons indicates a statistical difference at
95% confidence interval. To fit predicted tongue
contours, a virtual origin was used as the polar
origin for the SS ANOVA results following the
method introduced in Heyne and Derrick [6].

simultaneously by a USB 3.0 powered capture card
(ExtremeCap U3), saved as .mp3 and .mp4, respectively. Acoustic signals were sampled at 48000 Hz,
and the frame rate for the ultrasound videos was set
at 40 fps.
2.3. Procedures and stimuli

The experiment employed a design of self-paced
sentence reading. The stimuli were embedded in
a sentence-final position with the sentences ranging
from seven to nine syllables, following Hsu and Tse
[7] and Fon et al. [4]. The target syllable had the
structure of (C)VN, where V was one of the three
/i, @, a/ vowels and N was either an alveolar nasal
/n/ or a velar nasal /N/. The experiment began with
4 practice sentences that differed from the stimulus
sentences, followed by 84 test trials (= 3 vowels ×
2 nasal codas × 14 tokens) in one block. The test
trials were repeated three times by blocks (84 × 3
= 252). All experimental stimuli were randomized
and delivered using E-prime.

2.5. 3D model simulation

To examine if the merging directions across different
vowel contexts can be accounted for by the biomechanics of the tongue gesture (i.e., less movement
efforts), biomechanical simulations were conducted
to compare different nasal postures and merging directions. A 3D finite-element method (FEM) tongue
model developed within the ArtiSynth simulation
toolkit [9] was used. The tongue model implements
a number of intrinsic and extrinsic tongue muscles
to simulate tongue postures, including genioglossus (posterior, medial, anterior; GGp, GGm, GGa),
hyoglossus (HG), inferior longitudinal (IL), superior
longitudinal (SL), and styloid (STY). Tongue postures for /in, iN, @n, @N, an, aN/ were achieved by activating various muscles as outlined in Table 1. Muscle activations were manually set to achieve canonical postures for the six syllable combinations that
are under examination. For each posture, the tongue
muscles were set to simulate a coarticulatory event
with a nasal target superposed onto the tongue posture of the preceding vowel [5].

2.4. Data preparation and analyses

The vowel and nasal in the target syllables were first
labelled in Praat. To determine the degree of nasalization of the pre-nasal vowels, the differences between a1 and p0, and between a1 and p1 were measured [2]. A1 represents the amplitudes in dB of the
first formant. P0 represents the amplitude in dB of
the nasal peak at low frequencies, while p1 represents the amplitude in dB of the nasal peak above
the first formants. A1 – p0 is typically negatively
correlated with the degree of nasalization for nonhigh vowels, whereas a1 – p1 is negatively correlated with that for high vowels [2]. That is, the lower
the a1 – p0 and a1 – p1, the stronger the nasalization.
The values of a1 – p0 and a1 – p1 were obtained using the Nasality Automeasure Script Package developed at the University of Colorado’s Phonetics Lab
[10].
The labeled vowel and nasal segments
with textgrids were imported into ELAN
(http://tla.mpi.nl/tools/tla-tools/elan/) for video
annotation and image capturing. Still images of
tongue postures were captured from the midpoint
of the labelled nasal interval. Next, tongue postures
were first manually traced and then optimized using
EdgeTrak. The results were first generated in the
Cartesian coordinate system and later converted
into polar coordinates, which were fit through
smoothing spline analysis of variance (SS ANOVA)
with 95% confidence interval (dashed-lined ribbons
in the following figures) around the predicted fit
(solid lines in the following figures) [3]. The

Table 1: Muscle activation (%) for simulated
tongue postures across /i, @, a/N contexts

Muscles
GGp
GGm
GGa
HG
IL
SL
STY

/in/
15
20
–
–
95
25
–

/iN/
15
–
–
–
95
25
60

/@n/
20
5
10
5
35
20
–

/@N/
–
–
10
5
35
20
60

/an/
–
–
5
5
35
20
–

/aN/
–
–
5
5
–
–
60

The relative strain of the tongue was visualized as
RGB images in ArtiSynth, with blue representing a
low level of strain, red representing a high level of
strain, and green representing in between. To evaluate overall strain of the tongue, we calculated the
mean RGB values individually using ImageJ. The
ratio of the mean red value over the mean blue value
and the ratio of the mean green value over the mean
blue value were calculated to determine the degree
of overall strain. The larger the ratio, the more the
strain induced.
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3. RESULTS

speakers showed nasal merging while others didn’t.
SS ANOVA results of the tongue postures across different vowels are illustrated in Fig. 3 - 4.

3.1. Acoustic results

Standardized a1 – p0 and a1 – p1 measurements
were reported for /i, @/ and for /a/, respectively,
at the end of the pre-nasal vowels. As mentioned
above, the lower the values, the stronger the nasalization. The values with an errorflag produced using the Nasality Automeasure Script Package were
excluded (∼20%). Two-tailed independent t-tests
showed stronger nasalization for the vowels preceding the underlying /N/ than preceding the underlying
/n/ in the /a/N context (p = .04, Fig. 1).

Figure 3: Two representative SS ANOVA results
of the nasals in the /i, a/N contexts. Tongue tip on
the left of the figure.

-40

-60

-80
Alveolar /n/

-100

Figure 1: Standardized a1 – p0 and a1 – p1 measured at the end of the pre-nasal vowels. The
lower the values, the stronger the nasalization.

/a/
Tongue Height (mm)

Tongue Height (mm)

/i/

100

120

140

-60

-80

-100

Velar /ŋ/
80

-40

160

80

Tongue Length (mm)

100

120

140

160

Tongue Length (mm)

The syllable-final alveolar /n/ and velar /N/ were
completely merged in the /i/N context (Fig. 3 left).
In particular, the tongue for the alveolar nasal /n/
is bunched at the body but not at the tip close to
the alveolar ridge. This retraction of the bunched
tongue overlapped with the tongue posture for velar nasal /N/. The merging direction is from /in/ to
[iN] and thus is considered a process of velarization.
As for the /a/N context, no overlapping tongue postures were observed across all participants. The two
nasals contrasted each other in the positioning of
both the tongue tip and tongue dorsum (Fig. 3 right).

Figure 2: Standardized a1 – p0 and a1 – p1 from
selected participants. The lower the values, the
stronger the nasalization.

Figure 4: Two representative SS ANOVA results
of the nasals in the /@/N context. Tongue tip on the
left of the figure.

Apart from the articulatorily and acoustically distinction between /an/ and /aN/, the degrees of nasalization between pre-/n/ and pre-/N/ vowels were not
significantly different (/i/ context, p =.39; /@/ context, p =.27). Upon further analysis, we found three
speakers for each of the /i, @/ vowels who merged /n/
and /N/ articulatorily yet still had distinct contrast in
the degree of nasalization at a marginal level (Fig. 2,
p = .06 for /i/ and p = .046 for /@/). The results suggest that for some speakers, the merging of /n/ and
/N/ is incomplete.
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While velarization was found across all the participants in the /i/N context, differential nasal merging
was observed in the /@/N context. In this context, five
speakers merged the tongue postures for both nasals
(Fig. 4 left), while others showed non-overlapping
tongue postures (Fig. 4 right). Among the five
participants who demonstrated nasal merging in the
/@/N context, three positioned their tongues with an
elevation at the tongue tip and contact at or close to
the alveolar ridge (/@N/ → [@n]; Fig. 4 left). The two
other participants demonstrated overlapped tongue

3.2. Ultrasound results

All nine participants showed complete merging in
tongue postures for the /i/N contexts and no merging for the /a/N context. In the /@/N contexts, some
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postures with a lowered tongue tip and with more
bunching and retraction in the tongue body (/@n/ →
[@N], results similar to those shown in Fig. 4 right
but with overlapped tongue posture contours). These
results suggest that coronalization is the dominant
merging pattern the /@/N context. For those who did
not show merged tongue postures in the /@/N context, the tongue body was positioned fairly flat with
some retraction close to the velar position (Fig. 4
right).

Table 2: The ratios of mean red over mean blue
values and mean green over mean blue values
across /i, @, a/N contexts. Larger ratio indicates
greater strain (i.e., more effortful).

/in/
/iN/
/@n/
/@N/
/an/
/aN/

3.3. Simulation results

The simulation results of tongue postures across /i,
@, a/N contexts are illustrated in Fig. 5.

/ən/

/iŋ/

/an/

/əŋ/

low

Green/Blue
0.84
0.81
0.87
0.79
0.93
0.71

context whereas coronalization was more dominant
in the /@/N context. Fon et al. [4] reported velarization as well as coronalization in the /i/N context
with the coronalization considered having a Taiwan
Southern Min origin. The across-the-board velarization in the /i/N context might have suggested a decrease influence on Taiwan Mandarin from Southern Min. These merging directions can be attributed
to biomechanical reasons. When the tongue is already in the /i/ position moving into a nasal, posturing an alveolar nasal would induce higher strain
to the tongue tip and body muscles compared to
the strain that occurs in the tongue body muscles
for /N/ production. A costlier movement is disfavored, and thus the merging direction in the /i/N context undergoes a process of velarization, in which
/in/ becomes [iN]. The evaluation of tongue biomechanics also accounts for the less pervasive merging in the /@/N context. Five out of our nine participants showed oveeeerlapped tongue postures in
this context; two of them demonstrated a velarized
nasal, along with the four participants without merging who also showed more back tongue positions.
The divergence of the two merging directions for
the /@/N context would suggest that the merging for
this context is incomplete. While biomechanics of
the tongue would favor velarization, there may be
some other reasons for coronalized merging. Our
results also demonstrate that different degrees of
nasalization can still be maintained even when the
tongue postures may merge across different conditions, further suggesting an incomplete merging (cf.
[11]). That is, for some speakers, the tongue positions merge while nasalization remains distinct.

Figure 5: Midsagittal views of relative strain from
low (blue) to high (red), for tongue postures in different contexts.
/in/

Red/Blue
0.61
0.60
0.61
0.60
0.66
0.57

/aŋ/

high

Compared with the tongue posture of /in/, the relative strain of the tongue for /iN/ was smaller. The
majority of the strain occurred at the tongue tip and
body for /in/, whereas more strain was evident at
the tongue tip and dorsum, and a lesser extent at the
tongue body, for /iN/ (Fig. 5 leftmost panel). In the
posturing of /@n/, greater strain was observed in the
tongue tip and body, but for that of /@N/, strain was
present at the tongue tip and dorsum. Similarly, notable strain was observed in tongue tip and body for
/an/ while more strain was observed in the tongue
tip and dorsum towards the velum for /aN/. A summary of red/blue and green/blue ratios is presented
in Table 2.
4. DISCUSSION
The current study used ultrasonography to investigate the supposed syllable-final nasal merging in
Taiwan Mandarin. The results showed that the nasal
/n, N/ merging found in perceptual and acoustic studies in previous studies have an articulatory grounding. In particular, more pervasive merging in terms
of tongue postures was observed in the /i/N than in
the /@/N contexts, while no merging was observed
in the /a/N context. The merging directions are also
vowel-dependent; velarization was found in the /i/N
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ABSTRACT

ter glottal consonants is velopharyngeal underspecification (VPU). Because the place of primary constriction is at the glottis and below the velum, there
is no aerodynamic need to close the velopharyngeal
port [12]. Contrast this with configurations such
as the voiceless plosive /th / where velar closure is
necessary to facilitate pressure buildup at the lingual constriction for the release burst. Applied to
Thai, the explanation of VPU would attribute vowel
nasalization after glottal consonants to a lack of velar closure during /h/ and /P/. This way, the origin of
spontaneous vowel nasalization in Thai may actually
follow a similar pattern as French in that coarticulation is involved. In French, VPO originated from
a nearby nasal consonant like /n/ and spread to the
adjacent vowel. Similarly, VPO in Thai may have
originated during the glottal consonants /h/ and /P/
due to VPU and then spread to the following vowel.
If spontaneous vowel nasalization in Thai originated from VPU of adjacent glottal consonants, we
would expect to find greater VPO during Thai consonants /h/ and /P/ compared to the following spontaneously nasalized vowels. This is because the
starting point of nasalization would be the glottal
consonant, while the following vowel may be nasalized through coarticulation. In the present study we
analyze integrated nasal airflow (cumulative nasal
airflow during a segment) and the temporal location of maximum nasal airflow in Thai glottal consonants and vowels. Nasal airflow has been found to
correlate with velopharyngeal opening and this measure is often applied to study nasality [3, 6, 15, 16].
While nasal airflow is correlated with VPO, the
airstream mechanism can affect this relationship.
While we expect to be able to measure nasal airflow
during /h/ and thus infer VPO, this will likely not be
possible during /P/. Because the glottis is closed during /P/, there is likely to be minimal supraglottal airflow. Therefore, while VPO may be large during /P/,
we would not be able to infer this from nasal airflow
alone. While we include /P/ in the current study to
demonstrate this point, we expect that we will only
be able to test our predictions regarding the origin
of greatest nasal airflow for syllables beginning with
/h/.

Spontaneous nasalization, the emergence of nasalization in contexts lacking an historical nasal
phoneme, often occurs during vowels adjacent to
glottal constants, as in Thai. One explanation for
this nasalization is velopharyngeal underspecification (VPU) of glottal consonants: the lack of any
requirement for velar closure. If VPU is the source
of spontaneous nasalization in Thai we expect to
find greater nasalization during glottal consonants
compared to adjacent nasalized vowels. To test this
we recorded nasal airflow in six speakers of central
Thai. Results showed greater nasal airflow during
/h/ compared to following nasalized vowels. This
finding suggests that the starting point of nasalization in Thai is the glottal consonant and that nasalization spreads to the following vowel.
Keywords: Nasalization, Thai, aerodynamics
1. INTRODUCTION
The historical process of vowel nasalization typically occurs when a previously non-nasal vowel is
in temporal proximity to an etymologically nasal
phoneme. Through coarticulation the vowel becomes nasalized. An example is Latin UNUS ‘one’
that later became French [œ̃] un when the nasal
consonant was dropped [13]. A second origin of
vowel nasalization, spontaneous nasalization, is the
emergence of nasalization in contexts lacking any
historical etymological nasal [1]. This process is
documented in languages like British English, e.g.
[hã:v@d] ‘Harvard’, and Thai, e.g. [hẼ] “parade"
and [Pãw] “to take", and other languages including
Lahu/Lisu, Bzhedukh, and Laos [1, 2, 4, 10, 11].
Spontaneous nasalization in Thai only occurs after
/h/ and /P/ and is more likely during low vowels
[5, 11]. Recent magnetic resonance imaging (MRI)
data of velopharyngeal opening (VPO) in Thai has
verified previous impressionistic accounts of spontaneous nasalization during low vowels after /h/ and
to a lesser extent after /P/ [7, 11, 5].
One explanation for spontaneous nasalization af-
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2. METHODS

with fixed effects including syllable, location of
maximum integrated flow (MaxLoc), and segment
type (consonant or vowel). Speaker was included as
a random effect. Due to the small sample size representing each gender, we did not include gender in
the model.

Six native speakers of central Thai were recruited
to participate in an aerodynamic study. Four of the
speakers were female and two were male; all originated from Central Thailand near the Bangkok area.
Their ages ranged from 18-28 y.o.. The data presented here is part of a larger project on Thai aerodynamics and phonation. The speakers produced a
set of monosyllabic words and morphemes embedded in a carrier phrase, /ph u:tĎ£ kh amĂ£ wa:Ď£ “_” Pi:kĂ£
Ă
kh raN £/ “Say the word ‘_’ again”. The target words
varied the long vowels /a:, O:, E:, e:/ after /h/ and
/P/. /a, O, E/ are reported to nasalize after /h/ and to
a lesser extent after /P/, while /e/ is not reported to
nasalize after either glottal consonant [5, 11]. We
also include the syllables /na:/ (contextually nasalized), /th a:/ (non-nasal), and /da:/ (non-nasal) for
comparison. Speakers produced 10-12 repetitions of
each item.
Data was collected with AcqKnowledge data acquisition and analysis software (BIOPAC, version
3.9.1). All data was sampled at 2000 Hz using
the MP100 data acquisition unit. Participants held
a double-compartment mask against the mouth and
nose (Glottal Enterprise, Syracuse, NY), intended to
capture oral and nasal airflow independently. Two
heated pneumotachs were inserted into vents on
the mask. Rubber cannulae connected the pressure
ports to a Biopac TSD160a pressure transducer that
recorded +-12 cm H20. A BIOPAC AFT6 600 ml
calibration syringe was used to calibrate the signal for both the oral and nasal mask compartments.
The airflow signal was also rectified during each
recording session by adjusting the signal to zero
during a voiceless stop /k/. Acoustics were simultaneously collected for segmenting purposes using
a C520 head-set microphone recorded at 44.1 kHz
(AKG Harman, Stamford, CT).

3. RESULTS
Figure 1: Integrated nasal airflow for syllables
with /a/.
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Results of a linear mixed effects model (Table
1) show significant effects between the location of
maximum nasal airflow (consonant or vowel) and
nasal airflow. Furthermore, whether the segment
was a consonant or a vowel also effected nasal airflow. Finally, the integrated nasal airflow of /ha:/ was
significantly different, i.e. greater, than any other
syllable.
Figure 1 shows boxplots of integrated nasal airflow for all syllables with the vowel /a:/. Two posthoc analyses of the lme model were performed by
calculating estimated marginal means with a Tukey
multiplicity adjustment [9]. The first test was performed on integrated nasal airflow by Syllable contrast, while the second test was performed on integrated nasal airflow by Segment type (consonant
or vowel) within the same syllables. These tests revealed many differences in integrated nasal airflow
among segments. The consonant /h/ exhibited the
greatest integrated nasal airflow of any other syllable
during the consonant. /n/ exhibited less integrated
nasal airflow than the consonant of /ha:/, but similar
nasal airflow to other /h/ syllables (p>0.05). Both
/h/ and /n/ were produced with significantly more integrated nasal airflow than their following respective
vowel (p<0.05). All other syllables are produced
with similar integrated nasal airflow during the consonant and following vowel.
Figure 2 shows boxplots of integrated nasal airflow for all vowels after /h/ and /P/. Again, we notice that the consonant of /ha:/ was produced with

2.1. Analyses

Calibrated and rectified nasal airflow was normalized to 20 samples over time, 10 during the onset
consonant and 10 during the following vowel. The
integral was then taken of all samples within the consonant and the vowel separately. This yielded a single measure of cumulative nasal airflow during both
the consonant and vowel for each token. For each
token, the maximum of integrated nasal airflow was
determined and logged as either occurring during the
onset consonant or the vowel (MaxLoc).
The data were analyzed with a linear mixed effects model using the lmerTest package in R [8, 14].
Integrated nasal airflow was the dependent variable
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Figure 2: Integrated nasal airflow for vowels after glottal consonants
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greater nasal airflow than all other consonants and
vowels, including other /h/ syllables (p<0.05). Every consonant /h/ exhibited greater integrated nasal
airflow than every /P/. Most vowels after /h/ were
also produced with greater nasal airflow than vowels after /P/, except for the contrasts /hE:/ vs /Pa:/,
/hO:/ vs /Pa:/ and /he:/ vs any syllable beginning with
/P/ (p>0.05). Furthermore, while nasal airflow was
greater for every /h/ compared to the immediately
following vowel, nasal airflow was similar during
every /P/ and its following vowel. Overall, vowels after /P/ exhibited similar nasal airflow as predictably non-nasal vowels of /da:/ and /th a:/, with
the exception for the vowel of /Pa:/ compared to /hE:/
and /hO:/.
The distribution of maximum nasal airflow is
shown in Figure 3. For syllables /na:/ and /ha:/, the
maximum integrated nasal airflow occurred during
the onset consonant 100% of the time. Maximum
nasal airflow occurred during the consonant most of
the time for syllables /hO:/, /he:/, /da:/, and /th a:/. The
location of maximum nasal airflow was more likely
to occur during the vowel for all syllables beginning
with /P/.

Nasal airflow
0.90(0.07)∗∗∗
−0.34(0.03)∗∗∗
−0.42(0.03)∗∗∗
−0.24(0.03)∗∗∗
−0.65(0.04)∗∗∗
−0.69(0.03)∗∗∗
−0.69(0.03)∗∗∗
−0.69(0.03)∗∗∗
−0.38(0.03)∗∗∗
−0.72(0.03)∗∗∗
−0.70(0.03)∗∗∗
−0.08(0.02)∗∗∗
−0.20(0.01)∗∗∗
515.52
597.15
-242.76
1706
6
0.02
0.07

4. DISCUSSION

∗∗∗ p < 0.001, ∗∗ p < 0.01, ∗ p < 0.05

For all syllables beginning with /h/, including /he:/
which was not predicted to nasalize, there was
greater nasal airflow during the onset consonant than
any other consonants. For all other syllables, including those with /P/, nasal airflow was similarly low.
This result is expected because glottal stop is produced with an adducted glottis and reduced egressive airflow. However, it is surprising that nasal airflow is quite low during the low and mid-low vow-

Table 1: Linear mixed effects model. NasalAir ∼
Syllable + Segment + MaxLoc + (1|Speaker)
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Figure 3: Temporal location of greatest nasal airflow: consonant vs. vowel
Occurrence of greatest nasal airflow
1.00

Distribution

0.75
Segment

0.50

Cons
Vowel

0.25

0.00
na:

ha:

h:

he:

da:

h:
Syllable

els immediately following /P/ because these contexts
are reported to nasalize in previous accounts of Thai
vowels [11, 5]. A post-hoc inspection of individual
differences in the current study revealed that three
out of six speakers exhibited nasal airflow during the
vowel of /Pa:/ that, while close to zero, was significantly greater than vowels of non-nasal conditions
/da:/ and /th a:/. We can conclude from these findings
that while syllables beginning with /P/ may have
larger VPO than non-nasal contexts such as syllables
with /d/ and /th /, nasal airflow during syllables beginning with /P/ may be overall closer to non-nasal
contexts than the more nasal /h/. Maximum integrated nasal airflow occurred during the consonant
for all syllables, regardless of degree of raw nasal
airflow, except for syllables with /P/. For syllables
with /P/, maximum nasal airflow is more likely to
occur during the vowel compared to the consonant.
According to the the VPU explanation for spontaneous nasalization, the source of vowel nasalization
in Thai is the consonant. There is greater nasal airflow during /h/ for the syllable /ha:/. For a vowel
with less but still significant nasal airflow compared
to non-nasal syllables, /hO/, the location of the maximum nasal airflow is still during the consonant most
of the time; nasal airflow is also significantly greater
during the consonant than the vowel. Based on our
findings regarding greater nasal airflow during /h/
compared to the following vowel for all syllables,
we reason that the onset consonant is likely the primary locus of nasalization that spreads to the following vowel. While we cannot assess the possibility
of this pattern for syllables with /P/, our results set
the stage for an analysis that directly measures VPO
during /P/ and the following vowel.
We conclude that the the initial locus of spontaneous nasalization in Thai is the consonant for syllables beginning with /h/. VPU does not induce

ta:

e:

:

?:

a:

spontaneous vowel nasalization per se. Rather, it
induces spontaneous glottal consonant nasalization
that spreads. Given the relatively large degrees of
nasal airflow during the consonant and following
vowel of syllables beginning with /h/, we can conclude that the entire syllable /hV/ has undergone
spontaneous nasalization.
Finally, that /P/ exhibited minimal nasal airflow
is important. This provides a possible explanation
for why vowels after /h/ sound more nasal than vowels after /P/: There is already increased nasal airflow
during the start of the vowel after /h/. Even if /P/ has
greater VPO than non-nasal consonants, we observe
reduced nasal airflow. Further perceptual testing is
needed to confirm the complex relationship among
perception of nasality, VPO, and nasal airflow.
5. CONCLUSION
We measured nasal airflow in native speakers of
Thai to investigate whether the vowel or consonant
has undergone spontaneous nasalization. After assessing relative degrees of nasal airflow and the temporal location of maximum nasal airflow, we conclude that in Thai the consonant undergoes spontaneous nasalization and that it is likely induced from
VPU of the consonant itself.
Furthermore, increased nasal airflow during the
preceding consonant may induce the perception of
greater nasalization during the following vowel.
This may explain why vowels after /h/ sound more
nasal than vowels after /P/ [5, 11]. Further perceptual testing is needed to assess this possibility.
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ABSTRACT

variation by gender is found. [8] concludes that
spectral tilt is an indicator for distinguishing breathy
from modal nasals. Complementing [8], the current
study explores how the two phonation types of nasal
categories are produced articulatorily and
distinguished perceptually.

Xitsonga is a southern Bantu language with a
phonation contrast in nasals. This paper reports
results from acoustic and articulatory data collected
in Thohoyandou, Limpopo. This study is the first to
examine Xitsonga breathiness with Electroglottography (EGG). The EGG analyses of 6
Xitsonga speakers show that the contrast varies
according to tonal contexts. In the high tone context,
modal nasals demonstrated lower open quotient than
breathy nasals. In the toneless context, however, the
contrast was neutralized. Moreover, female speakers
have a breathier voice than male speakers. As in [8],
f0 values were consistently lower in breathy tokens.

2. METHOD
The data reported is based on the fieldwork in
Thohoyandou, Limpopo, South Africa, which was
conducted in November 2017.
2.1. Speakers

Keywords: Xitsonga, nasal, phonation, breathy,
Electroglottograph (EGG), perception
1. INTRODUCTION
Xitsonga (S53, [4], also known as Shangaan), a
southern Bantu language, is one of the eleven official
languages spoken in Limpopo, South Africa.
Xitsonga has an extensive dictionary [2] and also a
grammar book [1]. Xitsonga is a two-tone language
(high and toneless) with a contrast between modal
and breathy phonation in the nasals. This phonation
contrast in Xitsonga has been investigated in [8]
where inter- and intra-speaker variation were reported.
This paper explores an articulatory study of the nasal
phonation type by examining data from
electroglottograph (EGG) recordings. Examples of
Xitsonga phonation contrast in IPA are shown in (1),
where breathy nasals have a diaeresis under the nasal:
(1) Modal vs. breathy nasal
[mafundza] ‘respect’ [m̤aŋɡu] ‘choose’
[nalá] ‘enemy’
[n̤amu] ‘neck’
[ŋaŋɡa] ‘doctor’
[ŋ̈ʷeti] ‘month’
The
breathy
phonation
is
interesting
phonologically as well, because when coupled with a
low tone, the breathy consonants block the spreading
of high tone; a general tonal process in Xitsonga. The
breathy nasals are tone-lowering and thus they are
called depressors. Acoustic studies on depressors are
uncommon, with some exceptions ([6] on Tsua) that
report item variability, especially when high tone is
present. [8] is the only acoustic study of breathy
nasals in Xitsonga. They show that breathy nasals
have large perturbations in f0, and large speaker
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Thirteen native speakers of Xitsonga participated in
the recording session. They were all university
students majoring in the Xitsonga language. All the
speakers spoke English in addition to Xitsonga. Some
speakers had basic knowledge of Tshivenda. The age
ranged from 21 years old to 25 years old. Before the
recording session, consent forms and demographic
questionnaires were collected from each speaker.
Each participant was compensated for their time (100
South African Rand). This paper reports results from
six speakers.
2.2. Recording: EGG and Acoustics

Within each recording session, each speaker read
target words in a toneless frame sentence ni tirhisa X
kan’we ‘I use X again’ and in a high-toned frame
sentence vá tírhísá X kan’we ‘They use X again’.
Each of these tokens was recorded five times.
Speakers wore a two-headed electrode around their
neck and a head-worn microphone (an XLR Shure
WH-30)
that
were
connected
to
the
Electroglottograph (EG2-PCX2, Glottal Enterprises)
device. The output analog signals from the
microphone and the electrodes were captured by an
external sound card that was directly connected to a
Macintosh computer via a Roland USB Audio
Interface Rubix 24. Stereo recordings of these signals
were made using Praat. After the recording session,
participants were asked to validate a list of stimuli and
check whether they use a particular word with other
Xitsonga speakers. The order of the target words was
randomized, and the speakers repeated the list three
times. The stimuli were presented in Latin script
using PowerPoint on a second Macintosh computer.
The target of the recording session included 3 breathy

nasals and 3 modal nasals, although the current
analysis pools data from contexts across different
places of articulation.

3. RESULTS
Results in this section focus on the production of one
male speaker and one female speaker.

2.3. Perception test

3.1. EGG results

Six listeners of Xitsonga participated in the
perception test in November 2018. Participants were
asked to judge whether a word in a frame sentence
begins with a modal nasal or a breathy nasal (spelled
with ‘h’ after a nasal. Each participant responded to
200 trials. The perception test was run using Superlab
5 on a Macintosh Computer with two keys on the
keyboard as input method. Participants wore
Sennheiser noise reducing headphones.

Results from EGG data show that the phonation
distinction is not as prominent as expected in the
production of Xitsonga speakers. In the toneless
context, the production of breathy items (Figure 2)
was similar to the modal phonation (compare with
Figure 1). The breathy nasal has a slight increase of
Oq near the midpoint, but it was not significant. Both
male and female speakers show the same kind of
pattern.

2.4. EGG analysis

The EGG data set consists of 180 tokens (6 speakers
* 6 targets * 5 repetitions), which were analyzed
using Eggnog v.0.3 [3]. This function reads EGG
recordings from a directory and returns a file that can
be imported in R for further analysis. Figure 1
provides an example of an Eggnog visualization
where an EGG signal is shown along with F0 and
open quotient (Oq) calculated from the EGG signal.
Eggnog is freely available from [3], and can be used
in conjunction with a Matlab license and its signal
processing toolbox.
Figure 2: Eggnog results of labial nasal with
breathy phonation in a toneless context (male)

In the high tone context, there is a gender
difference. The male speaker demonstrates that the
breathy phonation is not observed as the Oq is nearly
50%, suggesting modal phonation (Figures 3 and 4).
In breathy phonation, the male speaker shows a slight
increase in Oq in the middle of the nasal.

Figure 1: Results from Eggnog of labial nasal with
modal phonation in a toneless context (male)
2.5. Acoustic analysis

Data from six Xitsonga speakers also collected in
November 2017 were processed for further acoustic
analysis using VoiceSauce [7]. F0 was extracted
using the Straight algorithm at a 10 ms interval. One
spectral tilt measure (H1-H2) as well as Harmonic-toNoise ratio at various frequencies were also obtained
using VoiceSauce.

Figure 3: Eggnog results of labial nasal with modal
phonation in high tone context (male)

The female speaker in the high tone context has
overall higher Oq in both modal and breathy
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phonation, suggesting that all tokens were produced
with breathier phonation (Figures 5 and 6).
In sum, the articulation results agree with [8] in that
there is a gender difference found in the production of
breathy nasals. The absence of contrast in the
articulation of male speakers begs the question of
how Xitsonga speakers perceive this contrast.

Figure 7: F0 plots in the toneless context. From left to
right, each panel represents a preceding vowel, target
nasal and a following vowel.

Figure 4: Eggnog results of labial nasal with
breathy phonation in high tone context (male)

Figure 5: Eggnog results of labial nasal with modal
phonation in high tone context (female)
Figure 8: F0 plots in the high tone context. From left
to right, each panel represents a preceding vowel,
target nasal and a following vowel.
3.2. Acoustic results

Acoustic analysis for the nasal phonation was
conducted with VoiceSauce [7]. In the toneless
context, f0 of breathy nasals becomes lower
throughout the nasal compared to that of modal nasals
as in Figure 7. This F0 difference continues
throughout the following vowel. In the high tone
context in Figure 8, the f0 plots show individual
variation. For most speakers, the lowering of f0
induced in the breathy nasal only begins after the
production of the nasal. The f0 lowering in the
following vowel is more visible than in the nasals

Figure 6: Eggnog results of labial nasal with
breathy phonation in high tone context (female)

410

themselves, as coarticulation of H tone of a preceding
vowel affects f0.

3.3. Perception results

Results of the perception experiment in Figure 11
show that Xitsonga speakers can identify the breathy
nasal from the modal nasal with high accuracy,
confirming the presence of the phonation contrast.

Figure 11: Perception results for Xitsonga speakers.
Black bars represent correct responses for each
category1.

4. CONCLUSION
Figure 9: Harmonic-to-Noise ratio at 0 ~ 500 Hz in
the H tone context.

The current paper set out to explore how Xitsonga
speakers realize a contrast between breathy nasals and
modal nasals, in particular because this phonation
difference has phonological consequences [1, 5];
breathy nasals block high tone spreading but modal
nasals do not block high tone spreading. Results from
the articulatory study show that all nasals by the male
speaker were produced as modal-like. Breathy nasals
produced by the female speaker were breathier, but so
were modals, indicating a general tendency for
breathiness, rather than any phonation contrast, in the
female speaker.
Articulatory results show unexpected results
with modal-like quality (low Oq), but acoustic
analysis show that pitch lowering (i.e. slower
vibration) is a main factor for distinguishing modal
from breathy nasals. In addition, the frame sentence
context could have affected the production of breathy
nasals because a speaker would have had to change
the patterns of vocal fold vibration on the fly. Data in
isolation could reveal different results, which we will
leave for future research.

Figure 10: Harmonic-to-Noise ratio at 0 ~ 500 Hz in
the toneless context.
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ABSTRACT

airflow release that is necessary for the perception
of voicelessness [10]. The velum must close in order to produce this pressure build up, an articulatory
requirement that is aerodynamically incompatable
with the requirement that the velum be open for the
production of a nasal consonant. If speakers maintain a roughly stable duration of the velum gesture, a
resolution to this aerodynamic incompatibility is for
the velum opening gesture to begin earlier (in the V)
and end earlier (in the N), resulting in a fully closed
velum during the following voiceless obstruent.
This particular phonetic pattern has important implications for the diachronic development of contrastive vowel nasality. Typological evidence suggests that VN sequences preceding voiceless oral
consonants may be predisposed to the development
of contrastive vowel nasality, in comparison with
those preceding voiced oral consonants [2]. Studies of sound change mostly in Romance languages
have shown that nasal consonants are preferentially
deleted and vowels preferentially nasalized before
voiceless obstruents [7, 11]. This typological asymmetry may come about because listeners parse the
co-articulatory effect of nasalization with the vowel
rather than with the source (the nasal consonant) that
gives rise to it [2, 3].
Thus, accurate knowledge of the temporal patterns involved in co-articulatory nasalization is
paramount to our understanding of how phonemic
vowel nasality can emerge diachronically. The research presented here examines the prediction that
a greater degree of co-articulatory vowel nasalization of, e.g., /Vnt/ compared to /Vnd/, is due to earlier onset of a constant-sized nasal gesture. Here,
we test this hypothesis for phonetic vowel nasality in German using real-time magnetic resonance
imaging (rtMRI), which allows direct observation
of velum movement, rather than indirect measurement of nasalization via its observed effect on airflow or the acoustic record (e.g., A1-P0, A1-P1 [4]).
Since there is no a priori reason to assume an ongoing process of phonologization of vowel nasality
in German, this study may help uncover basic phonetic mechanisms in contextual nasalization that can

It has been suggested that the development of contrastive vowel nasality in VN sequences may depend partly on the nature of the following consonant. In particular, there may be a preference for
VN sequences preceding voiceless oral consonants
to be phonologized due to aerodynamic constraints
on velum height, resulting in temporal overlap of
the vowel with a durationally constant velum gesture. We investigate the phonetic basis of this claim
via direct imaging of velum kinematics in real-time
MRI videos (50 fps) from 35 German speakers. The
results show that, while the velum gesture does indeed begin and end earlier in /Vnt/ than in /Vnd/
sequences, the duration of the gesture itself is also
shorter in this context. This suggests that increased
temporal co-articulation in /Vnt/ sequences is not
necessarily due to durational maintenance of the
velum gesture, but to a temporally truncated velum
gesture that is shifted in time.
Keywords: Vowel nasalization, velum kinematics,
co-articulation, sound change, rtMRI, German.
1. INTRODUCTION
Co-articulatory vowel nasalization (i.e., [Ṽ] in [ṼN]
sequences) has been shown to exhibit systematic
temporal variation depending on a variety of phonetic contexts. In particular, a trading relation between the temporal extent of nasalization in the
vowel and the duration of the nasal consonant has
been observed to depend on the voicing of an oral
consonant that follows the VN sequence. For example, nasal airflow studies of English have shown [5]
that there is greater co-articulatory vowel nasality (in
some cases, fully nasalized) combined with shorter
(in some cases, fully deleted) nasal consonants in
/Vnt/ vs. /Vnd/ sequences. [2] has proposed that this
trading relation may be a result of the interaction between aerodynamic constraints and a tendency for
maintenance of the duration of the velum gesture.
Voiceless obstruents require a sufficient build up of
intra-oral air pressure in order to produce the high-
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A velum opening/closing (henceforth “velum movement”) signal was created from the registered images according to the following method. First, a region of interest (RoI) was manually selected around
the spatial range of velum opening/closing for each
speaker. The voxels (i.e., 3-D volume elements obtained from the MRI scan) in the RoI were then extracted for the images pertaining to words containing
VN sequences. The voxel intensities were used as
dimensions in principal components analysis (PCA)
models, and the scores from the first PC (PC1) were
logged for each image frame, resulting in a timevarying signal. Since there is only one primary degree of freedom in the movement of the velum (i.e.,
opening/closing) in VN sequences, PC1 will relate
to this dimension of movement in every case. An
example of the PC1 loadings/coefficients for one of
the speakers is shown in Figure 1. The positive loadings (bright voxels) and negative loadings (dark voxels) are associated with the velum in its closed and
opened states, respectively, revealing that the feature
captured by PC1 is indeed velum opening/closing.
The time-varying signal derived from this method
can be interpreted as the magnitude of velum opening: smaller values represent a more closed velum,
while larger values represent a more open velum.

explain the typological asymmetry discussed above.
2. METHODS
Real-time MRI, speakers, and stimuli

rtMRI data were collected at the Biomedizinische
NMR, Max Planck Insitute for Biophysical Chemistry in Göttingen, Germany, and reconstructed with
a temporal resolution of 20 ms (i.e., 50 fps) and an
in-plane spatial resolution of 1.4 mm [9, 12], along
with synchronized, noise-suppressed audio. Data for
35 native speakers of German are presented here.
The corpus consists of ≈300 German lexical items,
balanced for coda composition over a wide range of
phonetic contexts (e.g., vowel quality, stops vs. obstruents, etc.). A subset of this corpus is presented
here, consisting of minimal (or near-minimal) pairs
containing the tautosyllabic structure /Vnt/ or /Vnd/:
Table 1: Minimal and near-minimal pairs used.

Spelling

Gloss

IPA transcription

Bande
bannte
Bunde
bunte
finde
Finte
Panda
Panther
Sande
sandte
sende
Senta
Sonde
sonnte
winde
Winter

‘gang’
‘averted’
‘bunches’
‘colorful’
‘find’
‘trick’
‘panda’
‘panther’
‘sand(s)’
‘sent’
‘send’
‘(woman’s name)’
‘probe’
‘sunned’
‘coil/wreathe’
‘winter’

/band@/
/bant@/
/bUnd@/
/bUnt@/
/fInd@/
/fInt@/
/panda/
/pant5/
/zand@/
/zant@/
/zEnd@/
/zEnta/
/zOnd@/
/zOnt@/
/vInd@/
/vInt5/

Figure 1: An example of the region-of-interest
(RoI) based principal components analysis for
generating a time-varying velum opening/closing
signal. PC1 loadings are denoted by light (positive) and dark (negative) voxels within the RoI.

During the MRI scanning sessions, the words appeared on a computer screen, as reflected on a mirror placed inside the scanner. The words appeared
in a variety of carrier phrases constructed to vary the
stress placement of the word in three primary conditions: accentuated, de-accentuated, and neutral.
Measurements used
Velum movement signal

Using this velum movement signal, several measurements were derived from key time points occurring
in the VN segment of each token. Firstly, the onset
and offset of the velum gesture was determined by
20% thresholds of the peak positive velocity (corre-

For each speaker’s data set, image registration was
carried out with reference to the superior portion
of the head, in order to correct for minor movements of the head throughout the scanning session.
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3. RESULTS

sponding to the gesture onset) and the peak negative
velocity (corresponding to the gesture offset) of the
velum movement signal, in the same manner as for
kinematic signals generated by electromagnetic articulometry. The duration of the velum gesture is
therefore defined as the temporal distance between
these two time points. Secondly, the vowel offset—
representing the point of transition between the V
and the N in the VN sequence—was identified manually in the acoustic signal. This time point was
used to create articulatory/acoustic hybrid measurements for the timing of the onset and the offset of the
gesture for each token, which results in more stable
measurements (i.e., less variance) than using the raw
gesture onset/offset measurements themselves. The
time points for the gesture onset and offset are thus
defined with reference to the acoustic vowel offset
(e.g., offset = gesture offset - vowel offset), although
the interpretations for the values remain the same:
smaller values represent earlier time points, while
larger values represent later time points.
In addition to these three temporal measurements,
a spatial measurement was also created to characterize the magnitude of velum opening. This measurement is defined simply as the value of the velum
movement signal at the time point of the trajectory peak (i.e., the maximum degree of nasalization).
This measurement was also modified in order to create a more stable measure and to more accurately
capture difference in the relative magnitude within
each token: the value at the onset of the gesture (i.e.,
a baseline for each token) was subtracted from the
value at the point of maximum constriction. The interpretations for these baseline-compensated values
remain the same: smaller values represent a smaller
degree of velum opening, while larger values represent a larger degree of velum opening.

An example of the velum movement trajectories for
the minimal pair Panda-Panther is shown in Figure
2, averaged over all 35 speakers. In this figure, the
trajectories have been time-aligned with the (acoustic) vowel offset, which is denoted by the middle set
of symbols (circles and squares). The left set of symbols denote the vowel onset (as determined by the
acoustics), and the right set of symbols denote the
offset of the coda consonants /t/ or /d/ (as determined
by the acoustics). Voicing of the oral coda consonant is denoted by line and symbol (/Vnd/ = solid
line + circles, /Vnt/ = dotted line + squares). Stress
is denoted by color (accentuated = blue, neutral =
red). From this figure, it appears that the velum gesture for /Vnt/ is shorter in duration and begins and
ends earlier compared to /Vnd/. Additionally, for
both words, the accentuated stress condition results
in a larger gestural magnitude (i.e., the blue lines are
higher than the red lines).

mean normalized velum opening

Figure 2: Ensemble averages (over all 35 speakers) of velum movement signals for the minimal pair Panda-Panther. The gesture trajectories are time-aligned with respect to the acoustic
vowel offset (Time = 0). Smaller values indicate a
smaller degree of velum opening and larger values
indicate a larger degree of velum opening.

Statistical validation

Linear mixed-effects (LME) models were created
in R using the lmer function in the lme4 package
[1]. Estimates for F-statistics and corresponding
p-values were generated using the lmerTest package [8]. The three temporal measurements and one
spatial measurement were speaker-normalized via zscore transformation before inclusion in the models.
For each model, fixed effects included the VOICING
of the coda oral consonant (/Vnd/, /Vnt) and STRESS
(accentuated, de-accentuated, neutral), and full random effects were included for SPEAKER and WORD.
For the purposes of this study, “word” is defined as
the phonetic segments up to and including the vowel,
but excluding the coda, since the coda context is inherently part of the fixed effect VOICING.

/panda/ vs. /pantɐ/

2
1.5
1

panda_A
panda_N
pantɐ_A
pantɐ_N
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0
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Time (s); lineup: Vowel offset

By way of comparison, Figure 3 displays velum
trajectories for the minimal pair sende-Senta. Although the same patterns can be observed for the
gestural magnitude and duration, no differences in
the timing of the onset of the gesture can be seen. In
other words, while the onset of the velum gesture occurred earlier in /Vnt/ vs. /Vnd/ for Panda-Panther,
the same difference cannot be seen for sende-Senta,
although the same reduction in the duration of the
gesture is evidenced. This suggests that, rather than
a temporal shifting of the velum gesture, the gesture
is instead temporally truncated in /Vnt/ vs. /Vnd/.
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mean normalized velum opening

Figure 3: Ensemble averages (over all 35 speakers) of velum movement signals for the minimal
pair sende-Senta. The gesture trajectories are
time-aligned with respect to the acoustic vowel
offset (Time = 0). Smaller values indicate a
smaller degree of velum opening and larger values indicate a larger degree of velum opening.
/zɛndə/ vs. /zɛnta/

2
1.5
1

Table 2: Results for LME models constructed to
test the effect of coda voicing (/Vnt/, /Vnd/) and
stress (accentuated, deaccentuated, neutral) on the
overall duration, onset timing, offset timing, and
peak magnitude of the velum gesture.

zɛndə_A
zɛndə_N
zɛnta_A
zɛnta_N
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DV
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F-stat.

Dur.
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76.15
3.72

p < 0.001
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***
*
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3.09

p < 0.001
p = 0.086

***
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ized than /Vnd/ sequences. These results suggest
that increased temporal co-articulation in /Vnt/ sequences in German is not due to durational maintenance of the velum gesture. Rather, the velum gesture is temporally truncated and, in some cases (e.g.,
Panda-Panther but not sende-Senta), this truncated
gesture is also shifted in time, resulting in increased
co-articulatory vowel nasalization.

0.2

Time (s); lineup: Vowel offset

In order to observe the effects for all of the words
combined, Table 2 displays the results for the LME
models. With regard to voicing, there are significant effects for all four measurements: gesture duration, onset, offset, and magnitude. In other words, in
/Vnt/ sequences compared to /Vnd/ sequences: the
velum gesture is shorter, begins earlier, ends earlier,
and has a smaller magnitude (i.e., less velum opening). With regard to stress, no significant effect is
observed for the gesture onset, and a marginally significant effect is observed for the gesture duration;
however, this marginal effect is most likely a consequence of the large effect that stress has on the
timing of the gesture offset: the velum gesture ends
sooner in de-accentuated and neutral conditions than
in accentuated condition. Moreover, stress has a significant effect on velum magnitude: there is a greater
degree of nasalization in accentuated condition.

In these cases, the phonetic bias is the same as
predicted by [2, 3]: /Vnt/ sequences involve greater
nasal co-articulation, which can give rise to contrastive vowel nasality if listeners parse the effect of
nasalization with the vowel. Instead of this phonetic
bias emerging from the maintenance of a constantsized velum gesture, it may be the case that contextual vowel nasalization involves a stage of temporal truncation and reduced magnitude of the gesture
when preceding voiceless obstruents, as a precursor
to the temporal shift of the gesture onto the vowel.
Finally, the results for accentuation are interesting because previous investigations of prosodic
strengthening with respect to velum activity have
given conflicting results [6]. However, since even
the extensive material presented here is actually only
part of that available on prosodic contrasts in our
rtMRI corpus we will consider this issue in more detail in a separate publication.

4. CONCLUSION
The results from this study reveal that the velum gesture begins and ends earlier in /Vnt/ vs. /Vnd/ sequences in German, as predicted by [2, 3]. However, it is not the case that the duration of the gesture
was maintained in these data: the velum gesture was
shorter in /Vnt/ vs. /Vnd/ sequences. Although the
onset of the velum gesture began earlier in /Vnt/ sequences, the temporal shift is not as great as for the
gesture offset: on average, there is a 13 ms temporal difference between /Vnt/ and /Vnd/ at the gesture
onset, but a 28.4 ms difference at the offset. Moreover, /Vnt/ sequences were found to be less nasal-
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ABSTRACT

circumstances it it worth finding out whether a
presumable increase in pharyngeal and oral cavity
size occurs not only during the stop voicing trigger
but during the preceding stop as well.
The effect of voicing on tongue configuration
will be analyzed for a selected set of consonant
sequences split by a word boundary with ultrasound,
which allows tracing the tongue body configuration
with the exception of its edges. Even though
ultrasound does not allow measuring the actual
differences in cavity size that may occur between
voiced and voiceless stops, it is believed that such
differences may be inferred to a large extent from
changes in tongue position. Thus, tongue body
fronting ought to reflect an increase in pharyngeal
cavity size, while tongue predorsum and blade
lowering should correspond to an increase in the size
of the oral cavity.

Data for English aspirated stops reported in the
literature reveal a greater expansion of the vocal
tract cavities for voiced stops than for voiceless
stops, which takes place mostly at the pharynx.
Lingual configuration data for the sequences [kt],
[gd], [tk] and [dg] in Catalan, where C1 agrees with
C2 in voicing and oral stops are unaspirated, also
exhibit more tongue postdorsum fronting throughout
the entire cluster if voiced than voiceless. In contrast
with English, however, the front dorsum is not lower
for [gd] than for [kt] and for [dg] than for [tk], which
could be related to the articulatory and aerodynamic
differences involved in the production of aspirated
vs unaspirated stops.
Keywords: stop voicing, ultrasound, pharyngeal
cavity expansion, unaspirated stops.
1. INTRODUCTION

2. METHODOLOGY

Several studies have reported that, in comparison to
voiceless stops, voiced stops in English exhibit an
active expansion of the supraglottal cavity system
during the closure period. Moreover, this volume
increase is achieved mainly by fronting the tongue
body and thus enlarging the pharyngeal cavity [1, 3,
5], and, albeit less consistently, by lowering the
tongue front and thus enlarging the oral cavity [3, 5].
This lingual action facilitates voicing by lowering
the intraoral pressure level above the glottis [2]. The
present study investigates whether differences in
postdorsum fronting at the back of the vocal tract,
and perhaps in tongue blade and predorsum height in
the oral cavity, also occur in heterosyllabic stop
clusters of Catalan where, differently from English,
voiceless stops are unaspirated.
Catalan has a regressive voicing assimilation rule
by which a syllable-final obstruent assimilates in
voicing to the following consonant; by virtue of this
assimilatory process, in heterosyllabic stop-stop
sequences the syllable-coda stop C1 is supposed to
be voiced or voiceless phonetically depending on
whether the syllable-onset stop C2 is underlyingly
voiced or voiceless, respectively [4]. Consequently,
the two consonants should agree in voicing and thus
be realized as [kt], [gd] and so on. Under these

Lingual configuration data were collected for four
heterosyllabic two-stop sequences preceded and
followed by a (mid) low vowel in meaningul Catalan
sentences: [kt] (és un sac tou ‘this is a soft sack’),
[gd] (un conyac d'anys ‘an old cognac’), [tk] (un
soldat calb ‘a bold soldier’), [dg] (ha comprat gall
‘(s)he has bought rooster’). These sentences were
recorded six times by five native Catalan speakers,
i.e., two men (DR, RO) and three women (ES, JU,
IM), of 40-60 years of age who speak Catalan
regularly in their every day life. Ultrasound
recordings were performed with an Echo Blaster unit
type EB128CEXT from TELEMED and a
microconvex Echo Blaster 128 CEXT transducer
with a 2 to 4 MHz frequency range and a central
curvature of 20 mm. The ultrasound images were
acquired using a probe with a 100% of 104° field of
view and a frequency of 2 MHz, which was attached
to a transducer holder positioned under the subject’s
chin in an Articulate Instruments Stabilization
Headset. The recording sampling rate was 54 frames
per second yielding one image every 18.5 ms. Image
streams were recorded synchronously with the audio
signal sampled at 22,050 Hz with an AKG-D70
microphone. Contours of the back of the alveolar
zone and hard palate were also recorded by asking
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speakers to press the tongue against their hard
palate.
Tongue contours were tracked automatically at
all temporal frames along all C#C sequence tokens
using the Articulate Assistant Advanced (AAA)
software and adjusted manually by the first paper
author. Data points for all tongue contours were
exported in ASCII-files as x-y coordinates with their
origin located at the bottom-left corner of the
ultrasound image towards the rear of the vocal tract.
Acoustic files were also exported in .wav format for
taking segmental duration measures.
Segmentation was carried out on waveform and
spectrographic displays. Lingual spline data were
processed at the following six temporal points: C1
closure onset, which was located at the offset of
formant structure for the preceding vowel; C1
closure midpoint; C1 closure offset, just before the
short C1 burst; C2 closure onset, just after the C1
burst; C2 midpoint; C2 offset, just before the C2
burst.
Tongue spline data points were converted from
Cartesian to polar coordinates by shifting the origin
of the ultrasound image to approximately the center
of the ultrasound probe which was located at X=
86.7 mm and Y=0 mm. SSANOVA smoothed
splines consisting of strings of points separated by
0.01 radians and the associated standard errors were
computed across the splines for all tokens of each
consonant sequence using the R package gss to find
a best fit curve. The smoothed splines of all
consonant sequences had the same number of x
points since their rightmost and leftmost edges were
determined by entering into the SSANOVA
computation procedure the mean angle radian values
across tokens of all clusters under analysis.
In order to determine the tongue configuration at
different vocal tract regions, the length of the
SSANOVA splines displayed in Cartesian
coordinates was divided into four portions which
correspond roughly to the alveolar (ALV), palatal
(PAL), velar (VEL) and pharyngeal (PHAR)
articulatory zones. This subdivision procedure was
carried out separately for each subject by applying
the same criterion as in a previous paper dealing
with other consonant sequences [5] since the data for
the two studies were acquired in the same recording
session. Distances between each of the four lingual
regions and the origin of the ultrasound field of view
were measured at the six temporal points referred to
above. The distance values at the velar and palatal
zones were obtained by averaging the distances
between the five central points at each zone and the
origin. Given that the splines for the consonant
sequences subject to analysis could differ in length,
the distance values for the two extreme zones,

alveolar and pharyngeal, were computed by
averaging the distances between the origin and five
points located not at the zone midpoint but at the
upper third of the pharyngeal zone and at the
leftmost third of the alveolar zone.
Separate Linear Mixed Model (LMM) statistical
tests were run on the distance values gathered at the
midpoint of C1 and C2 for each of the two clusters
pairs [kt]-[gd] and [tk]-[dg] with speaker as random
factor. The LMM tests had the fixed variables
‘sequence’ (with levels [kt] and [gd] for one test,
and [tk] and [dg] for the other test), ‘C place’ (with
levels ‘velar’ and ‘dental’), and ‘zone’ (with levels
ALV, PAL, VEL and PHAR). Additional LMM
tests, one for each cluster pair, were carried out on
the C#C duration values for all tokens with
‘sequence’ and ‘C place’ as fixed variables. Least
Significant Difference (LSD) post-hoc tests were
performed on all main effects and significant
interactions in order to find out whether numerical
differences between pairs of levels of a given
statistical variable reached significance or not. Given
the large number of tests involved in the LMM
analyses, the Benjamini-Hochberg (BH) correction
procedure for adjusting the false discovery rate was
applied to those variable comparisons which were of
relevance to the present investigation. The
significance level was set at p < 0.05.
3. RESULTS
Statistical results for the main effects and factor
interactions obtained from the LMM tests run on the
tongue distance data are given for the two pairs of
clusters in Table I.
Results for the main effects of C place and zone
are of little interest for our purposes: distances
between the lingual splines and the origin of the
ultrasound field of view were generally larger for
velars than for dentals, and larger at the velar (VEL)
and palatal (PAL) zones than at the pharyngeal
(PHAR) and alveolar (ALV) zones. More relevant
results are those involving the sequence factor. Thus,
the significant sequence x zone interactions reported
in the table happened to be associated with larger
distances for [kt] than for [gd] and for [tk] than for
[dg] at the pharyngeal zone (PHAR) and for [gd] vs
[kt] at the palatal zone (PAL), and the significant
sequence x C place interactions with greater
distances for [k] than for [g] in the case of the [kt][gd] pair. In agreement with these statistical results,
the lingual splines plotted in Figure 1 show a clear
trend for most or all subjects to produce
(a) higher and more anteriorly the voiced than the
voiceless stops whether they be velar or dental in the
case of the [kt]-[gd] sequence pair (left graphs),

419

(b) somewhat more anteriorly the voiced than the
voiceless stops for the [tk]-[dg] sequence pair (right
graphs).
A trend for the tongue dorsum to occupy a higher
position for [d] than for [t] in the cluster pair [tk][dg], which did not achieve significance, may also
be observed. In sum, data for Catalan two-stop
sequences reveal that, in comparison to voiceless
stops, voiced stops may be produced not only with a
more anterior postdorsum but also a higher, not
lower tongue front dorsum configuration.

during C2 in the case of the [kt]-[gd] pair and during
C1 for the [tk]-[dg] pair.
According to Table II, the statistical tests run on
segmental duration yielded a main effect of
sequence for the [tk]-[dg] pair which turned out to
be associated with a longer voiceless vs voiced
cluster (132.5 ms vs 104.2 ms across speakers). As
to the [kt]-[gd] pair, a main C place effect was
related to longer velars than dentals, which resulted
mainly from durational differences between [t] and
[d] (90.8 vs 65.8 ms).
4. DISCUSSION

Table I: Significant main effects and factor interactions
for the spline-to-origin distance values for the two-stop
sequence pairs. NS: non-significant. * p <.05, ** p < .01,
*** p <.001.
kt/gd
NS
10.52(1,43)*

tk/dg
NS
53.16(1,47)***

zone

9.53(3, 43)**

7.05(3,47)**

sequence x zone

48.57(3,43)***

3.95(3, 47)*

C place x zone

94.58(3,43)***

46.11(3,47)***

sequence x C place
sequence x C place x
zone

6.96(1,43)*

4.14(1,47)*

NS

NS

sequence
C place

Ultrasound data for Catalan stop-stop sequences
reported in this study reveal the presence of a more
anterior tongue body position for voiced vs voiceless
stops in velar + dental and dental + velar stop
sequences. This finding agrees with data for English
reported in the literature exhibiting a greater
pharyngeal cavity expansion for voiced vs voiceless
stops [1, 3, 5]. Moreover, the ultrasound data show
that this C2-dependent difference in back lingual
configuration may be transmitted to the preceding
coda stop which is supposed to undergo regressive
voicing assimilation in Catalan. There is no
agreement regarding oral cavity volume: in contrast
with English according to some reports [3, 5], in the
Catalan clusters subject to analysis a more anterior
tongue body position for voiced vs voiceless stops
did not cooccur with a lower tongue predorsum
position due presumably to differences in the way
aspirated and unaspirated stops are produced and in
line with the associated differences in prominence of
the stop release. Thus, it could be hypothesized that
a reduction in oral cavity size is not required to
occur for unaspirated voiceless stops due to a lesser
intraoral pressure buildup than for the aspirated stop
cognates. These spline-to-origin distance data turned
out to be consistent with the segmental duration
values in that the stop sequences were generally
longer when voiceless than voiced. The validity of
these findings should be ascertained with a larger
sample size in future studies.

Table II. Significant main effects and factor interactions
for the segmental duration data for the two-stop sequence
pairs. NS: non-significant. * p <.05, ** p < .01, *** p
<.001.
kt/gd

tk/dg

sequence
C place

NS
9.21(1,100)*

19.69(1.100)*
NS

sequence x C place

NS

NS

The extent to which differences in tongue
position occur along the time domain may be seen in
Figure 2. The figure represents the distance values
between the four articulatory zones and the origin of
the ultrasound field of view at all six temporal points
starting at C1 onset (left edge of the lines) and
ending at C2 offset (right edge) for the two cluster
pairs across speakers. For both stop sequence pairs
and mostly so for [kt]-[gd], distances are clearly
larger for the voiceless cluster than for the voiced
cluster at the pharynx (PHAR), and, judging from a
comparison between the first and second halves of
the lines, this difference occurs not only during the
C2 voicing trigger but also during C1 which is
supposed to undergo regressive voicing assimilation
in Catalan. Figure 2 also shows the existence of a
higher tongue dorsum position at the palatal zone
(PAL) for the voiced vs voiceless cluster, mostly
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Figure 1: Lingual configurations at the C1 and C2 midpoints for the sequence pairs [kt]-[gd] (left) and [tk]-[dg] (right)
according to five Catalan speakers. The front of the mouth is on the right of the graphs.

Figure 2: Cross-speaker spline-to-origin distances over time for [kt]-[gd] (left) and [tk]-[dg] (right) at each articulatory
zone. The distance trajectories proceed through the time points 1 (C1 on), 2 (C1 mp), 3 (C1 off), 4 (C2 on), 5 (C2 mp), 6
(C2 off).
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ABSTRACT

fers the palate surface as the upper boundary of the
space reached by the (automatically tracked) tongue
as speech is continuously elicited from a speaker.
This method is appealing because it can be used in
real-time. However, it requires high speed imaging
to capture the instants where the tongue touches the
palate. It also requires eliciting such contacts over
the entire oral cavity, which can be challenging in
populations with speech impairments.
The traditional approach is to directly delineate
the palate in recordings where the speaker is swallowing or holding liquid in his/her mouth [13, 3, 9].
Then, US can reach the palate, causing a visible echo
in the US images. Edgetrak [8] offers a rudimentary
semi-automatic tool to fit a snake to manually annotated palate points on a single image. However,
in many cases, the palate is only partially visible
in any given image. Thus, Epstein and Stone [3]
recommend using a short video clip acquired during swallowing and manually accumulating partial
palate traces over a series of frames as a bolus of water or saliva travels through the mouth and different
parts of the palate become visible. This is challenging for the operator, who must simultaneously see
through time and space to delineate the palate in a
piecewise fashion from one frame to the next.
This paper proposes a new automatic method
to extract the mid-sagittal palate contour from US
videos of a swallow that overcomes the aforementioned difficulty. The method, described in Section 2, is based on a cumulative echo skeleton image, which (1) highlights features of the image that
are consistently located over time (and might correspond to the palate) and (2) connects the parts of the
palate that are visible in different frames as a single structure. Section 3 describes experiments on
22 swallow videos, wherein automatically extracted
palatal traces were compared against a manual trace,
with promising results. A discussion, including directions for future work, is presented in Section 4.

Measurements of palate location can assist ultrasound (US)-based analysis of articulatory tongue
motion by providing complementary information
about oral cavity constriction. They also provide a
rigid reference frame relative to which tongue measurements from different time points can be registered. Locating the palate in US images is challenging because it is generally invisible except during
swallowing, and even then, it is often not readily recognizable in any single frame. This paper introduces
a new automated method to extract a palate contour from an US video acquired during swallowing.
The method is based on a cumulative echo skeleton
image, which highlights structures that are consistently located over time. In experiments with 22 US
videos, most of the automatically extracted palate
traces were within 3 mm of a manual palate trace in
terms of mean sum of distances error, demonstrating
the potential of the proposed approach.
Keywords: Ultrasound, palate, image processing
1. INTRODUCTION
Ultrasound (US) imaging is ideally suited and
widely used to study tongue shape and motion during speech. However, tongue location and shape
alone fail to fully capture phonetically relevant variables pertaining to constrictions of the oral cavity.
To remediate this, it is useful to measure the configuration of the tongue relative to the palate, which
in turn requires locating the palate in the same reference frame as the tongue. Palate measurements
also provide a rigid reference frame for registration
of US tongue data over time [9], and for studying the
influence of the palate shape on articulation [2].
While dental casts provide detailed palate measurements (e.g., in electropalatography), measuring
the palate from the US images themselves is quick
and inexpensive in comparison [12]. Unfortunately,
the palate is usually invisible in US images because of the air separating it from the tongue. Recently, Wrench [14] demonstrated an indirect, “vocal tract carving” approach that automatically in-

2. METHOD
The proposed palate extraction method comprises
processing at the level of (1) the individual frames
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shown in Figs. 1 (right) and 2.

composing the swallow video sequence and (2) the
sequence itself. The individual image processing
step, described in Section 2.1, extracts a line drawing, called a skeleton, that characterizes the shape
of the brightest ridge-like structures (echoes) in the
image (Fig. 1, right). At the sequence level, the
skeletons from the individual images are summed
over time, leading to a cumulative echo skeleton image (Fig. 2), which emphasizes the structures that
are most persistent and consistently located over the
duration of the video sequence. Since the palate
is mostly rigid and immobile (unlike the tongue or
imaging artefacts), the cumulative echo skeleton image carries meaningful information about its shape
and location. This information is extracted using
thresholding, clustering and robust curve fitting operations prior to shape refinement using a snake fitted to one or more of the original US images, as
shown in Fig. 3 and detailed in Section 2.2.

2.2. Sequence level processing

The echo skeletons computed from individual US
images typically contain information about parts of
the tongue and/or palate and/or some imaging artefacts. One skeleton is generally insufficient to infer the palate surface in a robust manner. For this,
one must exploit the temporal information contained
in the sequence of images. Thus, the skeletons extracted from the different images in the sequence are
summed to form a cumulative echo skeleton image,
as shown in Fig. 2. In this sum, each white pixel
from an individual skeleton image slightly increases
the intensity of the corresponding pixel in the cumulative echo skeleton image. Immobile and persistent structures like the palate contribute to similar
locations in the cumulative echo skeleton image over
time, leading to high signal levels, whereas moving
or non-persistent structures like the tongue or imaging artefacts, though often brighter than the palate in
single images, contribute to more diverse locations
and lead to weaker signals.
Fig. 3 shows how the cumulative echo skeleton
image is processed to extract palate contours. Otsu
thresholding [10] is applied to its non-zero pixel intensities to remove noise arising from non-persistent
structures in the US images. The locations of the
non-zero valued pixels in the thresholded image
are clustered using DBSCAN [4], an algorithm that
forms arbitrary numbers of clusters from spatial data
based on thresholds ε, the maximum distance between points within a cluster, and MinPts, the minimum acceptable number of points within each cluster. Here, ε = 20 pixels and MinPts = 10. The
widest cluster is selected as potentially containing
the palate. Within this cluster, the point of maximal
height is retained for each position along the horizontal axis. This favours points arising from the
reflection of US off the palate rather than off the
tongue. A second order polynomial is then fitted
to the resulting points using RANSAC [5], a robust
fitting algorithm that finds the least-squares fitting
curve accounting for the largest number of inliers,
while rejecting outliers. Outliers are defined by a
maximum allowable distance to the curve (10 pixels
in this work). A cubic spline is then fit to the inliers,
which is then used to initialize a snake fit [8] to the
palate for refinement.

2.1. Frame-level processing

Fig. 1 shows the processing steps applied to each
image in the swallow sequence. The bright ridgelike echoes in the US image, typically the palate and
tongue, along with some imaging artefacts, are enhanced within a phase symmetry map [7, 6]. This
map is obtained by first filtering the image using
odd and even log-Gabor filters at different scales and
orientations (5 scales and 14 orientations were used
here). Phase symmetry is the average amplitude difference in the responses from the even and odd filters
or, more intuitively, the degree of even symmetry or
“ridgeness” of the structures in the image. Fig. 1
(middle) shows a typical result.
Figure 1: Processing of individual images. From
left to right: original image, phase symmetry map,
skeleton of thresholded phase symmetry image.

The phase symmetry map is thresholded to preserve only the brightest and largest echoes from the
original images. A skeleton of these structures then
extracted by finding their medial axis. The medial
axis is the locus of points within a shape that are
equidistant from two or more of the shape boundary points [1]. Many methods exist to compute medial axes; here, Rezanejad et al’s robust average outward flux method [11] is used. Typical skeletons are

3. EXPERIMENTAL RESULTS
Automatic palate extraction was tested on US data
from 6 healthy subjects, 3 adults (A1-A3) and 3 chil-
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Figure 2: Creation of the cumulative echo skeleton image. The 6 leftmost panels show sample US images from a
swallowing video sequence (top) and the skeletons extracted from each one (bottom). The rightmost panel shows
the cumulative echo skeleton image computed from the sum of the skeletons over time.

(respectively v), i ∈ {1, . . . , m} and j ∈ {1, . . . , n}.
Fig. 4 compares the automatically extracted palate
traces with the reference palate traces and reports
the MSD between them. Generally, the automatically detected palate traces overlap fairly well with
the manual ones. However, the automatically detected traces tend to be shorter, particularly towards
the back of the mouth. In several clips from child
subjects, the automatic palate trace matches quite
well to the location of the hard palate, which is rigid
and generally more visible in the images, whereas
the manual trace often also comprises the velum.
This suggests that the proposed method is most successful at locating the rigid part of the palate. Arguably, this is desirable for applications requiring
measurements of the relative configuration of the
tongue with respect to a rigid palate reference frame.
The method failed in a few cases. For subject
A2, it only detected a small segment of the palate
due to the relatively poor quality of the images in
this subject’s recordings, where even the tongue was
less visible than in other recordings. In subject
A3, the method detected the tongue instead of the
palate in two of three swallowing clips. Upon inspection, both clips were found to depict a resting,
fairly immobile tongue, for many frames before and
after the swallowing motion. Thus, the cumulative
echo skeleton image contained stronger contributions from the resting tongue than from the palate.
This points to the importance of feeding quality input to the method. Ideally, this would include little
but the actual swallowing motion.

Figure 3: Palate contour extraction from the cumulative echo skeleton image. The cumulative
echo sekeleton image (a) is thresholded (b) to enhance temporally persistent structures. The widest
cluster of white pixels is extracted from the thresholded image (c). Data from the earliest US echoes
are removed (d), and a cubic spline is robustly fitted to the remaining points (e). A snake is fitted to
US images to obtain palate contours (f).

dren (C1-C3), acquired during speech. Twenty-two
clips with swallowing, ranging in length from 48 to
154 frames, were manually extracted from the full
recordings. A reference palate contour was manually traced on one reference image in each clip. The
mean sum of distances (MSD) between the reference
palate trace u and the automatic palate trace v was
computed as
(1) MSD(u, v) =

n
1
( ∑ min ||vvi − u j || +
m + n i=1 j
m

4. CONCLUSIONS

||uu j − v i ||),
∑ min
i

j=1

This paper presented a new method to automatically extract the mid-sagittal palate contour from
US video sequences of swallowing by exploiting the

where u i (respectively v j ) is the vector of x and y
coordinates of the ith (respectively jth) vertex of u
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Figure 4: Automatic palate extraction results (solid red) and manual palate trace (dashed green) overlayed on the
reference image from each swallowing sequence. The MSD between the two traces is reported below each image.

A1, Swallow 1 A1, Swallow 2 A1, Swallow 3 A2, Swallow 1 A2, Swallow 1 A2, Swallow 3
MSD = 2.36 mm MSD = 4.24 mm MSD = 2.68 mm MSD = 4.00 mm MSD = 2.63 mm MSD = 5.49 mm

A3, Swallow 1 A3, Swallow 2 A3, Swallow 3 C1, Swallow 1 C1, Swallow 2 C1, Swallow 3
MSD = 8.35 mm MSD = 3.34 mm MSD = 2.96 mm MSD = 1.65 mm MSD = 2.84 mm MSD = 3.69 mm

C2, Swallow 1 C2, Swallow 2 C2, Swallow 3 C2, Swallow 4 C2, Swallow 5 C2, Swallow 6
MSD = 1.73 mm MSD = 2.18 mm MSD = 2.23 mm MSD = 2.79 mm MSD = 1.63 mm MSD = 1.99 mm

C3, Swallow 1 C3, Swallow 2 C3, Swallow 3 C3, Swallow 4
MSD = 1.63 mm MSD = 1.46 mm MSD = 1.81 mm MSD = 2.38 mm

tion (e.g. front to back) in the analysis of US recordings in the field, where sophisticated head motion
measurement devices may not be practical or available.

persistence of the echoes generated by the palate
over time. The method was tested on 22 video sequences with promising results in terms of accuracy.
In future work, ideal or near ideal swallowing sequences could probably be extracted automatically
from larger speech video recordings by searching for
segments with large amounts of motion and weak
acoustic signal. Automated palate extraction using
spontaneous swallowing in US video sequences is
an important step towards facilitating more meaningful articulatory measurements. It may also provide a useful rigid reference frame which can help
evaluate and compensate for some types of head mo-
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Taiwanese Mandarin (TM) generally preserves the
consonant inventory of Standard Chinese (SC).
However, previous studies have suggested that
retroflex sibilants in TM are gradually losing their
distinctiveness from alveolars, with neutralization
conditioned to some extent by register and
sociolinguistic factors, and with this trend more
advanced in the southern districts of Taiwan [10, 3,
14]. A recent acoustic study comparing spectral
center-of-gravity (COG) measures showed that
although the alveolar-retroflex contrast is still
maintained in TM, the retroflex sibilants have a
higher COG than their counterparts in SC, indicating
a more forward and less distinctive place of
articulation [4]. This is consistent with a subsequent
combined EMA/palatographic study of TM speakers
showing alveolar rather than post-alveolar place
constriction for the retroflex sounds [6].
In this work we examine these contrasts as
produced by native speakers of TM using a novel
approach
that
coregisters
electromagnetic
articulometry (EMA) and concurrently recorded
ultrasound (US). EMA sensors placed on the head and
the US probe support alignment of both sensor
positions and extracted tongue contours with vocal
tract hard structure. The methods are complimentary,
with EMA sensors providing spatial location and
angular orientation from fixed points on the anterior
tongue and other speech articulators, and US contours
imaging the continuous midsagittal tongue profile.
By exploiting this co-collection approach, we gain
unprecedented access to data bearing on whether the
merging alveolar-retroflex contrast in TM represents
a shift in articulatory posture or true neutralization.

ABSTRACT
Standard Chinese distinguishes a three-way place
distinction among sibilants: (Denti)-Alveolar /s/,
‘Retroflex’ (Post-Alveolar) /ʂ/, and (Alveolo)-Palatal
/ɕ/. While Taiwanese Mandarin generally preserves
the standard consonant inventory, previous studies
have described its retroflex coronals as being partially
merged with alveolars, with higher acoustic centerof-gravity values for retroflex sibilants indicating a
more forward place of articulation relative to
comparable values for Beijing Mandarin; however
these are to date unsupported by kinematic
measurements.
Here we examine the articulation of these sounds
using electromagnetic articulometry (EMA). Tongue
tip and parasagittal blade sensor elevation angles are
compared to a reference /s/ position. Additional
sensors placed midsagittaly on the tongue blade and
dorsum give an index of retroflexion. Concurrently
collected ultrasound data, coregistered through
reference sensors on the head and probe, provide
corresponding midsagittal tongue contours. Results
show that although acoustic differences between /s/
and /ʂ/ are small, tongue posture in these sounds is
systematically different.
Keywords: Mandarin, sibilants, EMA, Ultrasound,
HOCUS.
1. INTRODUCTION
Traditional Chinese phonology classifies the
voiceless coronal sibilant fricatives of Standard
Chinese (e.g. Beijing Mandarin) into three groups,
distinguished by place of articulation. Although
subject to dialectal variation, these are broadly
described as Alveolar or Denti-Alveolar (/s/),
‘Retroflex’ or Post-Alveolar (/ʂ/), and Palatal or
Alveolo-Palatal (/ɕ/) [5,8]. These sounds also contrast
with aspirated and unaspirated affricates produced at
the same places of articulation, and in some dialects,
including Taiwanese Mandarin, a voiced retroflex
fricative (/ʐ/). Because of limited articulatory studies,
precise classification of the ‘Retroflex’ sibilants in
particular is controversial, with some authors terming
these “laminal post-alveolars” [12], or “apical postalveolars” [13], or true retroflex articulations [8].

2. METHODS
2.1. Stimuli

TM coronal fricatives and their matching aspirated
and unaspirated affricates as shown in Table 1 were
elicited in a range of words that varied the following
vowel and tone (28 different contexts in total). These
were presented to participants in two forms. The first
was within a consistent carrier sentence: 這個__字
(Pinyin [zhe ge __ zi]; “This is a word of __”). The
second was within sentences containing multiple
instances of different sibilant fricatives; e.g. 咱們怎
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and ~90° (for positive left blade angle encoding
extent of medial grooving) respectively.

麼買了紫色的榨菜 ([za2 men5 zen3 me5 mai3 le5
zi3 se4 de5 zha4 cai4]; “How did we buy a purple
pickled mustard”). The motivation was to contrast
the more formal Carrier context with the more
natural speech of the Sentence context. Stimuli were
presented as sentences to participants using Chinese
characters displayed on a computer screen.

Figure 1: Sensor Layout: midsagittal profile and
tongue. TT and TL bars show azimuth defining
orientation of elevation angles.

Table 1: Elicited sibilant contrasts; (Pinyin)

Manner/Place Alveolar Retroflex
Fricative
/s/ (s)
/ʂ/ (sh)
Voiced Fric.
/ʐ/ (r)
Affricate /ts/ (z)
/tʂ/ (zh)
Asp. Affr. /tsʰ/ (c) /tʂʰ/ (ch)

Palatal
/ɕ/ (x)
/tɕ/ (j)
/tɕʰ/ (q)

2.4. Ultrasound

2.2. Participants

Ultrasound imaging was performed using the Acuson
X300 system (Siemens) with a C8-5 probe at a 30 Hz
frame rate, and depth of field adapted to each speaker.
Streamed video was recorded at 60 fps with
synchronized audio using an image capture device
(AverMedia). The probe was aligned for midsagittal
imaging and stabilized using the head mount system
described in [7].

One male and two female native speakers of TM have
participated in this project to date. M01, aged 41, is
from the Northern city of Taipei, and has lived three
years in the U.S. F02, aged 53, is from the Northern
city of Keelung, and has lived in the U.S. for 20 years.
F03, aged 44, is from the Southern city of Tainan, and
has spent less than one year in the U.S. Each selfreported normal hearing with no speech deficits,
signed informed consent for the experimental
protocol approved by the Yale IRB, and were paid for
their participation.

2.5. Experiment

Each experiment session had four parts. First, the
stimulus material was recorded in an audio-only
condition, resulting in 246 sibilant productions. A
native speaker of TM monitored recording during
each session, and any errorful productions were
immediately repeated. Next, the sensors and
ultrasound probe were emplaced and their operation
validated, following which reference trials were
collected to establish each speaker's occlusal plane,
the midsagittal outline of the palatal vault, and the
location of the probe relative to the head with the jaw
clenched. During the main (EMA) part of the session,
the stimulus material was recorded in pseudorandomized order within alternating blocks of carrier
and sentence contexts, resulting in 492 sibilant
productions. The final part of each session consisted
of a calibration trial to determine the mapping
between the EMA and ultrasound coordinate systems:
a sensor was placed at three locations on the US probe
surface so as to be visible within the US image, and
these reference points, in conjunction with the
sensors mounted on the probe holder, established the
common origin necessary for coregistration.

2.3. Electromagnetic Articulometry

15 EMA data channels were recorded at 250 Hz using
the AG501 system (Carstens), each recording sensor
3D spatial position and angular orientation.
Synchronized audio was recorded at 48 kHz through
a directional microphone placed ~1 m from the
participant's mouth. Reference sensors were placed
on the left and right mastoids and the medial upper
incisors to correct for head movement. Three more
located on the US probe holder provided correction
of probe displacement relative to the head. Data
sensors were affixed with cyanoacrylate midsagittally
to the tongue dorsum (TD, located at the projection of
the incisors down to the fully distended tongue);
tongue tip (TT, located ~1 cm posterior to the apex);
tongue blade (TB, midway between TD and TT);
lower medial incisors (JAW); and the upper and
lower lip at the vermillion border (UL, LL).
Additional sensors were placed parasagittally on the
left tongue blade (TL), the left lower canine (JAWL),
and the right mouth corner (LC). Figure 1 illustrates
sensor layout. TT and TL were placed such that the
azimuth defining elevation angle orientation was ~0°
(for positive tongue tip angle encoding retroflexion)

2.6. Post-processing

EMA sensor trajectories were low-pass filtered at 20
Hz, corrected for head movement and aligned to each
speaker's occlusal plane using the head references.
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indicated using the p < .001 ***, p < .01 **, p < .05
*, and p < .10 • convention.

Forced alignment (P2FA) [17] was used, hand
adjusted as necessary in Praat [2], to establish sibilant
intervals on recorded trial audio. Temporal alignment
of the EMA and US data streams was accomplished
using cross-correlation between their common audio.
Tongue contours were extracted using [15], converted
from pixels to 3D mm, and mapped to the headcorrected EMA coordinate system by relating the
calibration position of the probe to its position at the
measurement point [16].

3. RESULTS
3.1. Acoustic

Sibilants require precise control of narrow coronal
constrictions that are potentially subject to
perturbation by sensors glued to the tongue. To test
this possibility, we used fixed effects of session
(Audio-only vs. EMA), context (Word vs. Sentence),
place (avleolar, retroflex, palatal) and +/- affricate to
predict sibilant spectral mean (L1), with random
slopes and intercepts by speaker (voiced /ʐ/ was
excluded and aspiration ignored for this analysis).
Interactions were not justified by model comparisons.
Results showed a slight marginal increase in L1 as an
effect of Audio vs. EMA (t = 3.7 •).
Place showed a hierarchy in L1 frequency with
alveolar > retroflex > palatal, though only the palatal
contrast was significant (t = -14.2 **). Both affricates
(t = -13.0 ***) and sentence context productions (t =
-5.1 ***) were systematically lower in L1. A subset
of the data evaluating only non-affricated productions
found the same general pattern of results for L1, but
with no effect of Audio vs. EMA at all (t = -0.1 n.s.).
Skewness showed a difference in place (pal > alv, ret;
t = 6.2 **), and decreased kurtosis was seen in the
sentence context (t = -2.7 **). Separate models on
non-affricates by speaker showed the same L1
hierarchy (alv > ret > pal) for each, but only L1
contrasted alveolar from retroflex significantly (p <
0.05, Tukey HSD).

Figure 2: Mean midsagittal sensor positions by
speaker and sibilant at TT velocity minimum; EMA
measures illustrated in lower right panel.

2.7. Analysis

A measurement sampling offset was determined
within each EMA sibilant instance by the tangential
velocity minimum of the TT sensor. The following
measures were obtained from EMA sensor positions
at that point (see Fig. 2): TTA (TT elevation angle);
TTD (anterio-posterior position of the minimum TT
distance to the palate); TLA (TL elevation angle); RA
(tongue retroflexion angle determined by
TDTB:TBTT); LP (lip protrusion, ULx); LA (lip
aperture); LS (lip spreading, LCy); JX and JZ (jaw
position). Each of these was converted to z-scores by
speaker for analysis.
Following [9] acoustic COG measures were
obtained using a multitaper method over a 50 ms
window, resulting in measurements of spectral mean
(L1), skewness and kurtosis. Linear mixed models to
assess effects of context, place and manner on these
measures were computed using lme4 [1] with
probabilities assessed using the lmerTest [11]
package. Log-likelihood comparisons were used to
assess whether interaction terms and random slopes
by speaker were supported. Significance of model
fixed effects was assessed using estimates of the
regression coefficients divided by their standard
errors (a t test), with degrees of freedom based on the
Satterthwaite approximation. Significant results are

Figure 3: Retroflexion Angle by speaker, measured
CCW between extensions of TD:TB and TB:TT.
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3.2. Articulatory

The mean positions of sensors at the TT velocity
minimum measurement position are shown in Figure
2, and by-speaker comparisons of the retroflexion
angle RA for each sibilant are shown in Figure 3. To
evaluate the fixed effects of context (Word vs.
Sentence), place (alv, ret, pal) and +/- affricate on the
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sibilant production, validating this approach for
observations of this type. The Word vs. Sentence
production context was effective in eliciting a
difference in production formality, which was shown
by decreased contrast between sibilant types as
measured acoustically and in articulation. Only the
male speaker produced a significant difference in
spectral COG for the alveolar-retroflex place
distinction, and only for the Word context; this may
reflect his upbringing in northern Taiwan where the
distinction continues to be more robust than in the
south. However, all three speakers produced
significantly distinct articulatory measures for this
contrast, though these were also reduced under the
less formal Sentence production context.
The tongue tip elevation angle TTA and the tongue
shape retroflexion angle RA patterned together but
not identically; a regression between paired raw
values results in an adjusted R2 of only 0.21
(F(1,1474) = 382.4 ***). In affricated contexts, these
measures were opposed, with decreased RA
(straighter tongue body) offset by increased TTA
curl. Tongue grooving as measured by the
parasagittal blade elevation angle TLA was also
decreased in affricates. Tongue tip constriction
location (TTD) was more retracted for retroflex place,
and this was unaffected by affrication. Overall tongue
posture, as shown in Figure 2, clearly contrasts two
main shapes, with palatal production curling the blade
down and alveolar/retroflex production (see also
Figure 4) curling it up. The difference between
alveolar and retroflex shapes is relatively small and
more a matter of degree, with TTD farther back, RA
less CCW, and TTA angles more CCW, for retroflex
productions. The contrast is enhanced by a trading
relation with lip protrusion (LP), enhanced for
retroflex, and lip spreading (LS), which is increased
in palatal productions.

articulatory measures described above we used a
model with these main effects, with interactions and
random slopes for place by speaker included where
justified by model comparison.
An effect of place significantly distinguished all
three levels for both TTA (ret > alv > pal; Tukey HSD
p < .05) and RA (alv > ret > pal; p < .05), though this
interacted for each with manner and context. TTA
showed a main effect (increased CCW rotation) for
affricate manner (t = 4.9 ***). RA showed reduced
retroflexion for affricate manner (t = -7.0 ***) but
sentence context increased it (t = 7.0 ***). The
parasagittal blade angle TLA showed a negative
(doming) effect for palatal place relative to alveolar (t
= -3.1 *) and this was enhanced in sentence context (t
= -3.2 **).
TTD distinguished retroflex from alveolar place
(more posterior; t = -2.7 *), but with sentence context
reducing the effect (t = 3.2 **). LP was greater for
both palatal (t = 2.9 **) and retroflex (t = 2.3 *) place
relative to alveolar. LA was significantly larger for
palatal place (t = 4.1 ***) but reduced for sentence
production overall (t = -14.8 ***). Lip spreading (LS)
was increased for palatal place in affricates (t = 2.1 *)
but reduced in sentence production overall (t = -7.4
***). Jaw showed anterio-posterior retraction (JX) for
sentence context overall (t = -3.0 **), and a marginal
effect of lowering (JZ) for retroflex place (t = -1.9 •),
though this was reduced in interaction with affricate
manner (t = 1.9 *).
Figure 4: Speaker M01 producing alveolar /s/ with
EMA aligned and superimposed on the corresponding US frame rotated to the occlusal plane.
Note US scatter from the TD and TB sensors. The
yellow line shows the EMA palate trace; the light
blue line shows the fitted US tongue contour.

5. SUMMARY
This work has demonstrated a novel method for coregistration of concurrently recorded EMA and US
data streams and applied it to a study of sibilant
contrasts in Taiwanese Mandarin. Results are
consistent with previous work showing that the TM
alveolar-retroflex distinction is less robust
acoustically than in Standard Chinese; however,
articulatory tongue posture differences remain
significantly distinct. In addition, register differences
elicited here in the contrasting Word vs. Sentence
production contexts indicate that speakers continue to
produce the contrast robustly when called upon to do
so in citation form. While current trends may
eventually lead to complete neutralization, TM for
now retains its three-way sibilant place distinction.

4. DISCUSSION
The acoustic results indicate that speakers tolerated
EMA sensors without significant changes in their
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gestures. One study providing evidence of the former
for /r/ is [11]: in a sample of 100 speakers of English,
from multiple articulatory datasets, it was found that
around one third of speakers studied used different
configurational variants of /r/ in each syllable
position: tip-up /r/ in onset and bunched /r/ in coda
position (T-B), see example in Fig. 1. Other speakers
in the study used the same tongue configuration in
both onset and coda position: either tip-up (T-T), or
bunched (B-B). Only one (somewhat ambiguous)
instance of the pattern (B-T) was identified.
For the latter type of phonetic variation, gesture
magnitude, we find evidence for syllable- and
utterance-position-conditioned variation in tongue
gesture magnitude from studies using a variety of
articulatory techniques. Using cineradiography and
Electromagnetic Articulography (EMA) respectively
[1], [6] and [7] showed a reduction in gesture
magnitude for lingual consonants in coda position,
compared
to
onset
position.
Using
electropalatography (EPG), [4] studied the impact of
utterance position on tongue-palate contact patterns
and found greater degrees of palatal contact in nasals
when they were in utterance-initial position,
compared to utterance-final position.
The current study considers articulatory
strengthening/weakening in the so-called liquid
consonants /l/ and /r/; articulatorily-complex
consonant sounds that often exhibit extreme patterns
of syllable-based allophony [9]. Variation in tongue
configuration and gesture magnitude in /l/ and /r/ is
quantified and analysed across three broad accent
categories in English: American, Scottish and Irish.
Our research questions are:
(1) How much do tongue shapes for /l/ and /r/
vary between syllable-onset and coda
position?
(2) How do the syllable and utterance positions
of a liquid consonant affect tongue gesture
magnitude?

ABSTRACT
This paper is an ultrasound-based articulatory study
of the impact of syllable-position and utterance
position on tongue shape and tongue-gesture
magnitude in liquid consonants in American, Irish
and Scottish English. Mixed effects modelling was
used to analyse variation in normalised tonguegesture magnitude for /r/ and /l/ in syllable-onset and
coda position and in utterance-initial, medial and final
position. Variation between onset and coda mean
midsagittal tongue surfaces was also quantified using
normalised root-mean-square distances, and patterns
of articulatory onset-coda allophony were identified.
Despite the fact that some speakers in all varieties
used tip-up /r/ in syllable-onset position and bunched
/r/ in coda position, RMS distance results show
greater degrees of similarity between onset and coda
/r/ than between onset and coda /l/. Gesture
magnitude was significantly reduced for both /l/ and
/r/ in coda position. Utterance position had a
significant effect on /l/ only.

Keywords: Articulatory Phonetics;
Tongue Imaging; allophony.

Ultrasound

1. INTRODUCTION
It has long been recognised that consonants sound
different depending on their location within the
syllable [13]. The notion that there is a phonetic basis
for the cross-linguistic tendency of consonants to be
phonetically “stronger”, or more consonantal, in
syllable-onset position and “weaker”, or more vowellike, in coda position, has long been of interest to
phoneticians, and phonologists. In addition to
syllable-conditioned variation in phonetic quality,
research suggests that proximity to prosodic
boundaries also affects phonetic quality [12], [4],
further strengthening or weakening consonants. In
fact, it has been claimed that that we cannot
understand segmental articulation independently of
prosodic structure [2].
Two aspects of articulation that seem to be
modified by both syllable and utterance position are
(1) tongue configuration and (2) magnitude of

2. METHOD
6 Scottish speakers, 10 American speakers and 4 Irish
speakers (from the Republic of Ireland) were
recorded with ultrasound tongue imaging (UTI –
Sonix RP machine, 111fps, 150° fan angle) reading
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Figure 1: Showing tip-up and bunched /r/ mean
tongue-surface splines for speaker ScotF7, with
standard deviations. Uppermost arc shows raw distance
measures between the splines along radial fan axes. The
green spline represents the speaker’s hard palate and
the blue spline their occlusal plane.

aloud 80 sentences (c11 syllables long), e.g. Perm
equipment damages dry brittle hair. Each sentence
contained at least one stressed monosyllabic key
word, e.g. perm and hair, with a liquid consonant in
onset or coda position, and each key word was
positioned at the beginning, middle, or end of the
utterance. There were circa 8 instances of /l/ and /r/
produced in each syllabic-utterance position per
speaker. Utterance-medial liquids were always phrase
medial, i.e. not positioned adjacent to a phrase
boundary. All tokens of /r/ in the study are
approximants. Lingual consonants were avoided in
the two segments adjacent to the key segment in order
to mitigate against consonantal coaritculatory effects.
2.1. Articulatory measures
2.1.1 Quantifying variation in tongue shape across
syllable positions

Using Articulate Assistant Advanced (AAA)
v2.16.12 [14], the maxima of the anterior lingual
gestures of /r/ (N=784) and /l/ (N=859) were
annotated by the first author. For /l/, the anterior
maximum was annotated at the temporal point where
the tongue tip reached its highest position, this was
also the case for tip-up /r/ variants. 24 vocalised
variants of /l/ with no tongue-tip gesture were also
annotated at the maximum of the dorsal gesture. For
bunched /r/ variants, the maximum was annotated
when the tongue dorsum/front reached its highest
position. Splines were then automatically fitted to the
midsagittal tongue surface and hand corrected where
necessary.
As speakers were very consistent in their syllablebased production strategies, variation between liquid
consonants in onset and coda position for each
speaker was quantified by first creating mean
midsagittal tongue-surface splines for onset and coda
/l/ and /r/. This mean tongue spline was created by
averaging the distance where all individual splines
intersected each of 42 radial axes of a superimposed
fan grid, whose point of origin was set to match the
virtual point of origin of radial ultrasound pulses
emitted by the probe, see Fig.1. Thereafter AAA’s
distance function was used to determine the raw
distances (in mm) between the mean onset and coda
splines along each radial fan axis, see Fig. 1, and their
root-mean-square (RMS) was calculated. In order to
account for inter-speaker variation in oral-cavity size,
the distance between the ultrasound probe surface and
the top of each speaker’s palatal arch was measured
and used to normalise the raw RMS measures.
Normalised RMS measures = raw RMS/probe-topalatal arch distance.

2.1.2 Quantifying gesture magnitude across syllable
and utterance positions.

Quantification of gesture magnitude was carried out
as follows: all tongue-surface splines were rotated so
that the speaker’s occlusal-plane trace (obtained
using a bite plate) was set to horizontal; all individual
tongue-surface splines were then exported as sets of
Cartesian coordinates for measurement using R
v.3.3.2 [3]. An R script automatically identified the
height of the tongue tip for /l/ and tip-up variants of
/r/ and the highest point on the bunched tongue
dorsum/front for bunched variants of /r/. Tongue
surfaces were plotted and their measurement points
annotated with an “x” to determine whether the
location of automatic measures was correct. One
token of /r/ was excluded after eyeballing the plots –
a single instance of tip up /r/, produced by a speaker
who habitually produced bunched /r/s. Again, raw
tongue height measures were normalised by
expressing them as a proportion of the probe-topalatal-arch distance.
2.2. Statistical analysis

ANOVAs were used to identify significant variation
in normalised RMS distances between factors (1)
liquid consonant: (i) /l/ and (ii) /r/; (2) accent: (i)
American, (ii) Irish and (iii) Scottish, (3) syllablebased allophonic patterns of /r/: (i) T-T, (ii) B-B and
(iii) T-B (T=tip up, B=bunched). (4) syllable-based
allophonic patterns of /l/: (i) P-P, (ii) V-V, (iii) P-V,
(P=palatalised, V=velarized).
Variation in gesture magnitude was analysed
using mixed-effects modelling in R [3]. Separate
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Table 1: Numbers of speakers in each accent group
using specific syllable-based allophonic patterns for
/r/ and /l/.

models were run for /l/, tip-up /r/ and bunched /r/. The
dependent variable was normalised tongue gesture
magnitude. Fixed factors were: (1) syllable position,
with levels (i) onset, (ii) coda; (2) utterance position,
with levels (i) initial, (ii) medial, (iii) final and (3)
speaker accent, with levels (i) Irish, (ii) American,
(iii) Scottish. In all models, we tested for two and
three-way interactions between utterance position,
syllable position and accent. Random factors
included in all models were: speaker and word. The
step( ) function in the LmerTest package [8] was used
to find best fit models for the datasets.

/r/

/l/

Allophonic
pattern
(T-T)
(T-B)
(B-B)
(P-P)
(V-V)
(P-V)

Scottish

Irish

American

3
3
0
0
3
3

1
0
3
2
1
1

3
1
5
0
9
0

Figure 2: Means plot for normalised RMS distance
between onset and coda tongue shapes for /l/ and /r/,
organised by onset-coda allophonic patterns.

3. RESULTS
3.1. Configurational variation in onset and coda: RMS
distance

ANOVAs were run for both raw and normalised RMS
distances and showed the same patterns of significant
variation, therefore we report only on the results for
normalised RMS distances here.
A significant difference was found between the
two liquid consonants F=7.34 p<0.05, with /l/
showing significantly greater normalised RMS
distances between onset and coda tongue shapes
(mean= 0.039) than /r/ (mean=0.024), see Fig. 2.
Significant variation was found between accents
for /r/ only: F=4.971 p<0.05. Post-hoc Tukey tests
showed a significant difference between the Scottish
and American accent groups, (Scottish norm. RMS
mean=0.037, American norm. RMS mean=0.017).
Table 1 and Fig. 2 provide an explanation as to why
Scottish speakers have greater normalised RMS
distances between mean onset and coda tongue
surfaces for /r/, namely that half of the Scottish
speakers had the asymmetric allophonic pattern (TB), which has the greatest RMS distance of the three
rhotic allophonic categories. Only 1 American
speaker had this pattern.
For syllable-based allophonic patterns for /r/, a
significant difference was found between the T-B and
B-B allophonic categories p<0.01. Unsurprisingly,
the asymmetric allophonic pattern (T-B) results in the
greatest mean RMS distance, see Fig. 2.
For syllable-based allophonic patterns for /l/,
significant differences were found between the P-P
and P-V categories p<0.05, and between the V-V and
P-V categories p<0.01. Again, unsurprisingly, the
asymmetric allophonic pattern (P-V) results in the
greatest mean RMS distance, see Fig. 2.

While unsurprisingly non-symmetrical allophonic
configurational patterns (P-V for /l/ and T-B for
/r/) resulted in the greatest normalised RMS
distance measures between onset and coda
position, symmetrical allophonic patterns (V-V,
P-P for /l/ and T-T, B-B for /r/) showed different
degrees of onset-coda difference. It is the palatal
configurational variants of /l/ (P-P) and /r/ (B-B)
that showed the smallest normalised RMS
distance values, in other words, the least variation
in tongue location and configuration between
onset and coda position.
3.2. Gesture magnitude
3.2. 1 /l/

The best-fit model for normalised tongue-tip height
included an interaction between fixed factors:
syllable position*utterance position F=20.66,
p<0.001, illustrated in the interaction plot in Fig. 3.
The random factor speaker was also significant:
χ=653.99, p<0.001.
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Figure 3: Interaction plot for factors syllable
position and utterance position for normalised
tongue-tip height for /l/.

Figure 4: Boxplots showing the effect of syllable
position on normalised tongue gesture magnitude
for tip-up and bunched /r/. White boxes=onset
position, grey=coda position.

4. DISCUSSION
In answer to RQ1: “How much do tongue shapes for
/l/ and /r/ vary between syllable-onset and coda
position?” We have shown that while /r/ has two very
distinct articulatory tongue shapes (tip-up and
bunched), /l/ shows the greatest amount of positional
and configurational variation (measured using
normalised RMS distance) between onset and coda
position. Palatal variants of both /l/ and /r/ showed the
smallest degree of variation between onset and coda
position. Previous research has shown that speech
sounds with a primary articulatory constriction
involving the tongue body are both more
coarticulatorily aggressive and more resistant to
coarticulation [5] [10]. The findings of the current
study show that palatal sounds are also more
consistently produced across the syllable.
In answer to RQ2: “How do the syllable and
utterance positions of a liquid consonant affect
tongue gesture magnitude?” In agreement with the
findings of earlier studies [12], [1], [6], and [7] , for
both /l/ and /r/, tokens in coda position had
significantly reduced gesture magnitudes. The picture
was less clear for the effects of utterance position.
Utterance-position did not have an effect on /r/
magnitude, and for /l/, utterance-final position
conditioned significantly greater gesture magnitudes
than other positions. This finding is at odds with [4],
which identified the strongest contact patterns in
utterance-initial nasals. However, it agrees with the
findings of [12], which identified a correlation
between syllable length and the magnitude of the
dorsal gesture for /l/; shorter syllables resulted in
gesture undershoot. It would seem that tongue-tip
gestures are greater in utterance-final position in our
study, because they have time to reach their full
target.

Fig. 3 shows that, for /l/, the magnitude of the tonguegesture is always reduced in coda position. This
finding supports those of earlier consonantal gesturemagnitude studies [12] and [6]; however, we also see
that coda /l/ gesture magnitude varies according to
utterance position. Perhaps surprisingly given [4]’s
finding of greater degrees of palatal contact for
consonants in utterance-initial position, tongue-tip
gesture magnitude was significantly greater
(p<0.001) for coda /r/ in utterance-final position. One
possible explanation for this finding is that syllable
lengthening in utterance-final position allows
sufficient time for the tongue-tip gesture to reach its
target, whereas shorter syllable lengths in other
utterance positions result in gesture undershoot (see
§4). The duration of the vowel + liquid portion of
each key word in the study was measured. An
ANOVA with post hoc Tukey tests confirmed that its
duration was significantly longer (p<0.001) in
utterance-final position than in utterance-initial or
medial position.
3.2. 2 /r/

Separate models were run for normalised tongue
gesture magnitude for tip-up (N=271) and bunched /r/
(N=512) datasets. For both /r/s, best-fit models
contained the fixed factor syllable position and the
random factor speaker (p<0.001): tip-up syllable
position F=11.51, p<0.001; bunched syllable position
F=9.47, p<0.01. Tongue gesture magnitude was
significantly reduced for /r/ in coda position for both
types of /r/, see Fig. 4, although greater reduction
occurred for tip up /r/ than for bunched /r/.
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ABSTRACT

of closely related languages, i.e. English, Dutch and
German. It is not known if other types of prosodic
focus marking have similar processing effects.
Much psycholinguistic literature has shown that
focus facilitates language processing, such that
focused words are attended to more and remembered
better (e.g., [2, 8, 9]). More recently, we have seen
psycholinguistic evidence of focus as indicating
alternatives. One line of study used eye-tracking to
investigate the role of contrastive accents in finding
intended referents [10, 14, 23, 24]. For example,
after first hearing Click on the blue ball, listeners had
more fixations on a green ball when they heard Now
click on the GREEN ball than when they heard Now
click on the green BALL. These results show that
listeners use contrastive accenting to rapidly identify
referents that are available in their visual display.
Later research has shown contrastive accenting also
activates unmentioned and/or visually unavailable
alternatives.
To investigate this, cross-modal
lexical decision priming experiments were used.
Lexical decision tasks have been used since the
1970s [21] and have shown that single words
prime their semantic associates, but priming is
inconsistent in sentence contexts. [18] followed
by [4] and others then looked closely at what
sentence contexts prime semantically related words
and which do not.
The recent studies have
consistently shown that unmentioned contextual
alternatives (e.g., pelican) are primed when the
prime word is contrastively accented (e.g., In
Florida he photographed a FLAMINGO) [4, 12,
13]. [4] found that noncontrastive associates (e.g.,
pink) were weakly primed regardless of intonation.
The explanation in [13] is somewhat different,
i.e. all semantically related words are primed, but
focus marking rapidly deactivates noncontrastive
associates in later processing. Therefore, it remains
unclear whether and how focus marking affects
contrastive and noncontrastive associates differently.
However, to our knowledge, the priming effects
of focus have only been looked at in Germanic
languages. It is therefore interesting to see whether
the effects can also be found in other languages that
are typologically distant from Germanic languages,

A growing body of psycholinguistic research carried
out in Germanic languages shows that listeners
infer contextual alternatives to an element in a
sentence when it has a contrastive accent, even
when the alternatives are not explicitly mentioned
in the discourse. This paper reports a cross-modal
priming experiment conducted to test the role of
contrastive prominence in priming alternatives of
subject nouns in Mandarin Chinese. The results
showed that alternatives were recognized faster
when the subject carried contrastive prominence
than when it did not, suggesting a common
mechanism of focus generating alternatives across
languages when prosodic prominence is used to
signal focus in the language.
Keywords: alternatives, contrast, focus, Mandarin
Chinese, prosody
1. INTRODUCTION
It is usual in discourse that much of the information
conveyed is implied, not explicitly stated. For
example, in The CAPTAIN put on the raincoat
the contrastive accent on captain not only tells
us that the captain put on a raincoat, but also
implies someone else (e.g., the sailor), could
have put on a raincoat. Therefore, understanding
implicature is crucial to successful communication
[11, 15].
Further, studies show that listener
do infer alternatives on hearing sentences like
this [4, 13].
It is largely assumed that the
mechanism behind this is (contrastive) focus
marking: following the alternative semantics
theory [20], contrastive pitch accents mark focus,
which indicates contextually-relevant alternatives.
Contrastive accenting is a common way of realising
prominence in languages like English, i.e. a large
movement in fundamental frequency (F0) associated
with the stressed syllable of the prominent word,
as well as longer duration and higher intensity [5,
16]. However, to our knowledge, almost all of the
psycholinguistic studies in this area are on a handful
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2. THE EXPERIMENT

in this case Mandarin Chinese. Focus in Chinese
is also marked through prominence, i.e., expanded
F0 [7, 22, 25], longer duration [7, 25], and higher
mean intensity [6]. However, prominence is not
expressed as pitch accenting, as the lexical tone of
a syllable determines its local F0 curve. Rather,
prominence modulates the global F0 contour, which
in turn influences the local F0 contour, but does
not neutralize the tonal identities [25], as shown in
Fig. 1. Therefore, we expected comparable priming
effects of prosodically-marked focus in Chinese;
though this had only previously been shown for
contrastive accenting.

2.1. Participants

A total of 80 (50 females and 30 males)
near-monolingual native Chinese speakers (mean
age = 21.91, SD = 2.11, age range = 18-27) took
part in the experiment in China. The participants
received supermarket vouchers in recognition of
their participation. None of them reported any
hearing or reading difficulties.
2.2. Stimuli

Figure 1: The effects of phonological prominence
on F0 (bold shows the prominent word)

80 experimental sentences (40 sentences * 2
prominence conditions) were constructed. For each
sentence, a quadruplet of words was constructed
consisting of the subject noun, contrastive associate,
noncontrastive associate and control, as shown in
Table 1. The same four targets appeared with
both prominence conditions. Each sentence was
paired with each word in that quadruplet, resulting
in a total of 320 experimental stimuli. Eight
lists of 40 experimental stimuli were distributed
in a Latin square design, making five items per
participant per condition. The lists were rotated
across participants so that each participant saw only
one list. An additional 120 filler sentences were
included with word and nonword visual targets. Six
practice sentences which had three word and three
nonword visual targets were also prepared. Further,
eight comprehension questions asking about the
content of a previous filler were included in random
positions to encourage participants to attend to the
sentences.

In this paper, we report on a cross-modal lexical
priming study, carried out in Chinese, which
investigates prosodic focus-marking as a means
of indicating alternatives. In order to test this,
our study involves two prominence conditions in
canonical order, i.e. prosodic prominence on the
subject (e.g., The CAPTAIN put on a raincoat)
and prosodic prominence on the object (e.g., The
captain put on the RAINCOAT) in Chinese, see
Table 1). Identical visual targets (e.g., captain) were
included to examine the priming of focused words.
Contrastive and noncontrastive associates (both are
related to the prime word but only the former can
replace it in the context, e.g. sailor vs. deck)
were also included to investigate the relative priming
of the two related types under the expectation that
contrastive associates would be more primed due to
the focus mechanism. Finally, unrelated items (e.g.,
pumpkin) served as baseline controls.

Table 1: Prominence conditions and target
types used in the experiment (underline shows
contrastive prominence).
Prominence condition
English
Chinese

PromS

PromO

prosodic cue on subjects

prosodic cue on objects

The captain put on the raincoat.

The captain put on the raincoat

9 èc

9 èc
9captain
Contrastive associate: 4Ksailor
Noncontrastive associate: 2deck
Unrelated control: WÜpumpkin
Identical:

Target types

The semantic association strength of 75 word
quadruplets were rated via an online questionnaire
by 67 native Chinese participants. Participants
were asked to rate the relationship from 1 ‘not
related at all’ to 7 ‘highly related’ in the presence
of the context sentence (e.g., how related are
‘captain’ and ‘sailor’ in the sentence ‘the captain
put on the raincoat’). Following the survey, 40
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on the computer screen, and the instructions were
repeated orally by the experimenter. Six practice
trials in a fixed order were played before the main
experiment. Participants first heard a sentence, and
while the sentence was being played, they focused
on a fixation dot in the middle of the screen. Then
they saw two characters, and had to decide whether
these two characters make up a real word or not by
pressing ‘m’ key (labelled as ‘ ’ (yes)) for ‘yes’
response and ‘z’ key (labelled as ‘ ’ (no)) for ‘no’
response as fast as they could (the ’yes’ response
key was always pressed by the dominant hand). In
the practice phase, participants received feedback
on their responses and response times (RTs). No
feedback was provided in the main experiment.
The experimental items were in four blocks with a
break of at least 10 s in between. Stimuli within each
block, and block order, were randomized. Eight
comprehension questions were inserted after fillers
randomly and evenly across blocks. The experiment
lasted around 12 minutes. Demographic information
was collected through a written questionnaire at the
end of the experiment.

quadruplets were chosen in order to have similar
relatedness scores between the identity prime and
both types of associates, and also so that the
identity prime and the unrelated control were as
unrelated as possible. The mean relatedness score of
chosen items was 4.97 for identity prime-contrastive
pairs (e.g., captain-sailor), 5.06 for identity
prime-noncontrastive pairs (e.g., captain-deck)
and 1.81 for identity prime-unrelated pairs (e.g.,
captain-pumpkin). The last pairing was significantly
different from the other two, which did not differ
from one another.
The sentences were recorded in Praat [3] by a
trained female native speaker (first author). All
sentences were checked by two other native speakers
for the location of prominence. Acoustic measures
(mean F0, duration and mean intensity) for the
experimental stimuli were fitted into a linear mixed
effects model using lme4 [1] in R [19], showing that
focused words were more prominent than unfocused
words for the same words in different prominence
conditions (e.g., captain in The CAPTAIN put on the
raincoat vs. The captain put on the RAINCOAT)
and also for different words in the same prominence
condition (e.g., captain vs.
raincoat in The
CAPTAIN put on the raincoat) (all p values <
0.001). The fitted values are given in Table 2.

/
&

2.3. Results

Data from three participants were discarded due
to low response accuracy (< 80%). A further 57
incorrect critical trials (1.85%) from the remaining
3080 tokens were excluded for the RT analysis but
not for the accuracy analysis. RTs of the remaining
data were reverse transformed.
The overall accuracy on experimental trials is
98.15%. Accuracy scores of the experimental trials
were fitted into a generalized linear mixed effects
model (family: binomial) in lme4 [1]. The model
included simple effects of prominence condition
(PromS, PromO) and target type (identical,
contrastive, noncontrastive, control) as well as
their interaction as fixed effects, and by participant
intercepts in the random structure. None of the fixed
effects were significant, likely due to ceiling effects.
For the RT analysis, transformed RT was
the dependent variable in a linear mixed effects
regression. The fixed effects included the two
key experimental factors (prominence condition and
target type) and their interaction, the log frequency
of target words, the position of a trial in the sequence
of trials across the experiment, and the RT of
the previous trial. The random structure included
intercepts for participants and target words.
Trial position was significant, with participants
getting faster over the experiment (F = 98.8, p <
0.001). As expected, higher frequency words were
recognized faster than lower frequency (F = 27.6, p

Table 2: Fitted values of duration (ms), F0 (Hz)
and intensity (dB) in critical prime stimuli
Word position

Prominence condition

Duration

F0

Intensity

Subject

PromS

697

333

80

Subject

PromO

542

213

71

Object

PromS

565

187

66

Object

PromO

729

285

76

The mean log frequency of the chosen items
was 3.07 for identity primes, 2.88 for contrastive
associates, 2.78 for noncontrastive associates and
2.88 for controls.
Log frequency of words
between items were not significantly different from
each other (all p values > 0.1), except for the
noncontrastive - prime pair (t = -3.00, p = 0.016).
Variable duration of silence was added to the end
of each sound file, so that the duration between the
offset of the subject noun and the end of the sentence
was 1500 ms, creating a stimulus onset asynchrony
(SOA) of 1500 ms. 1500 ms allows all sentences to
finish and also leaves a reasonable time between the
end of the sentence and the onset of visual target.
The experiment was administered using
Opensesame v.3.1 [17], and was run in a quiet
computer room. The entire session was conducted in
Chinese. Participants received written instructions
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< 0.001). People responded more slowly when the
previous trial RT was slow (F = 114.9, p < 0.001).
The back-transformed fitted RTs per condition
are shown in Fig. 2. The model showed significant
effects of target types and prominence conditions
(target types: F = 17.9, p < 0.001; prominence
conditions: F = 20.3, p < 0.001), but not a
significant interaction (F = 1.89, p = 0.129).
To examine which groups differed, planned
comparisons involving target types and prominence
conditions were conducted. The results showed
that identical items and contrastive items were
recognized faster when the prime word carried
contrastive prominence (identical: z = 3.83, p =
0.001; contrastive: z = 3.00, p = 0.025). However,
noncontrastive and control items were responded
to equally fast in both prominence conditions
(noncontrastive: z = 0.91, p = 0.961; control: z =
1.30, p = 0.800). Within prominence conditions,
contrastive items were facilitated over control
items in the PromS condition (z = 2.71, p = 0.059),
but not in the PromO condition (z = 1.25, p = 0.828).

noncontrastive associates and unrelated words are
not primed in either of the conditions.
The results provide the first evidence of the
effect of prosodic focus marking on the recognition
of focused words and unmentioned alternatives
in Mandarin Chinese.
This is in line with
the previous research findings for Germanic
languages, and suggests that prosodic prominence
as manifested in global F0 range is also effective,
along with pitch accenting, in priming implicit
contextual alternatives in languages that use
prosodic prominence as one of the main markers
of focus.
Noncontrastive associates are not
plausible replacements for the focused words in
sentences, so listeners do not consider them as
part of the alternative set, re [20]. Therefore,
this study provides cross-linguistic psychological
evidence for [20]’s theory, showing that contrastive
associates differ from noncontrastive associates in
the interpretation of focus.
[13] showed that semantic priming is different
when the target is presented immediately after the
prime word (SOA 0 ms) and in later processing
(SOA 750 ms). Our results, with an SOA of
1500 ms are consistent with [13]’s account of later
processing in the prosodically prominent condition:
contrastive associates continued to be primed but
noncontrastive associates were not due to the
selection mechanisms that distinguish the two types
of associates. Therefore, our study further supports
these selection mechanisms with evidence after an
even longer processing time.

Figure 2: Back-transformed fitted RTs in ms to
four target types in PromS and PromO conditions.
Error bars show standard error of the means. Stars
indicate significant differences.

As shown in Fig. 2, there was a general trend for
PromS to be faster than PromO for all target types,
though the difference (8.6 ms) was not significant for
the control. The general difference may be because
when the final word is prominent, people might
be inferring alternatives to objects when seeing
the visual target, so they are slower in responding
to the visual words. This inhibitory effect was
also found by [13]. However, overall, contrastive
associates were more activated (18.6 ms faster) in
the PromS condition due to the extra priming effects
for alternatives.

3. DISCUSSION AND CONCLUSION
We conducted a cross-modal priming lexical
decision experiment with two prominence
conditions (PromS, PromO) and four target types
(identical, contrastive, noncontrastive, control)
related to subject nouns with an SOA of 1500 ms.
As predicted, focused words (identical targets)
are recognized faster than other types of words in
both prosodically prominent and not prominent
conditions, but priming was greater in the prominent
condition. Alternatives are only primed when the
prime word carries contrastive prominence, while

Successful communication requires listeners to
draw inferences about a speaker’s implicit meaning.
This research contributes to better understanding
of an important part of these inferencing processes
across diverse languages, looking at the linguistic
mechanisms listeners are using to generate
alternatives.
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their shared initial falling contour [1]; Tones 1 and 2
are also considered for comparison.

ABSTRACT
It is well known that Mandarin tones are not always
clearly produced and perceptually distinguished,
especially Tones 3 (dipping) and 4 (falling). Prosodic
structure affects the production of tones, for example
pitch range is expanded under focus. We investigate
the effects of prosodic structure (syllable position and
focus) on the perceptibility of Mandarin tones. We
find that focus and syllable do affect tone
perceptibility; tone perceptibility increases when
words are focused, but it is reduced when the word is
in the second syllable of a trisyllabic word. These
prosodic effects are the same across the four tones,
but as reported in the literature, Tones 3 and 4 are less
clearly distinguished compared to Tones 1 and 2. We
discuss the role of pitch contour and phonation
properties of the tones in their perception.

2. MANDARIN TONES
The main properties of Mandarin tones in both
production and perception pertain to pitch: F0 height,
contour, change or turning points. (e.g., [10] and
references therein). Other properties, (e.g., intensity,
duration, phonation) may enhance the perception of
the tones [10, 35], but on their own, they are not
reliable for successful perception [3, 7, 8, 24].
While most of the previous claims about Mandarin
tones rely on monosyllabic words produced in
isolation, some studies investigate the properties of
tones in connected speech. For example, [22, 31]
tested the automatic recognition of the tones in
trisyllabic words produced by native speakers, and
found that tone identification is better in Syllable 1
(Syll1) than in Syllables 2 and 3 (Syll2, Syll3). In
some cases, tone recognition in Syll2 is also weaker
than Syll3. The effect of syllable may be due to tonal
coarticulation and word prosodic structure (e.g., Feet)
in 2- and 3-syllable words, with tone reduction in
Syll2 (i.e., the F0 contour is less defined than in Syll1)
[15, 16, 19, 20, 23, 28, 29, 32, 37]. In both cases, Syll2
is a less prominent position.
Focus is especially relevant, since it affects the
prosodic structure of a sentence, introducing a strong
boundary following the focused item [26]. It has been
reported that tones in focus positions often show
increased duration, intensity, and pitch range [5, 6, 9,
18, 27, 33, 36]; though, the last property is limited for
T3, which already extends to the lowest portion of the
pitch range [3, 5, 18, 33]. Moreover, since words
following a focus tend to be reduced [33, 36], and
those in sentence-final position show the lowest
perceptual accuracy rate [18, 21, 36], it is crucial to
examine words produced in connected speech, not
just in isolation, to understand the production and
perception of tones.

Keywords: Mandarin, tones, perception, production,
Focus, Syllable Position
1. INTRODUCTION
Prescriptively, Mandarin Chinese is described as
having four contrastive tones based on their pitch
properties: Tone 1 (T1=high), Tone 2 (T2=rising),
Tone 3 (T3=dipping), and Tone 4 (T4=falling). This
characterization is primarily based on monosyllabic
words in isolation. It has also been noted that
duration, intensity, and phonation may be secondary
cues for the tones, and it is well known that
prescriptive characterizations of sounds, including
tones, are not always observed in more natural
connected speech. For example, in connected speech,
tones show minimal durational differences [34], and
words often exhibit less prosodic strength than when
they are uttered in isolation [37]. Other factors,
however, may provide enhancements, for example,
focus may increase a tone’s duration, pitch range and
intensity [5, 6, 9, 18, 27, 33, 36].
In the present study, we examine the perception of
Mandarin tones in real words drawn from connected
speech to assess the effects of prosodic structure (i.e.,
focus and syllable position), on the clarity of their
production, and thus their distinguishability for native
speakers. We primarily consider Tones 3 and 4,
which seem to be prone to confusion, likely due to

3. PRESENT STUDY
The present study tests the potential perceptual
confusion of Mandarin T3 and T4 in CV words
originally produced as parts of trisyllabic (compound)
words in connected speech, where they may exhibit
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male and two blocks of female speakers, presented
randomly (e-prime); all voices appeared the same
number of times.

similar falling contours, especially when the final rise
of T3 is absent. The corpus was constructed with
controls for a number of factors that may be relevant
to tone perception, permitting us to examine, in
particular, the effects of syllable position and focus.
Since the beginnings and ends of words tend to be
the most salient positions, we test Hypothesis 1:

4.1.1. Acoustic Properties of Auditory Stimuli

To understand how the phonetic properties of the
auditory stimuli may play a role in the perception of
their tones, we first summarize the relevant acoustic
properties of the corpus. For a full acoustic analysis
of the corpus, the reader is referred to [1].
T3 and T4 differ crucially in pitch and phonation;
while duration and intensity play little or no role.
Figure 1 shows that both tones have a falling F0
contour, but T3 is lower than T4. We also observe a
general expansion of F0 range under focus, resulting
in larger pitch differences between the tones. Figure
2 shows that the phonation property, HNR (Harmonic
-to-Noise Ratio), is low across T3, indicating creaky
phonation throughout the tone, while there is a drop
in HNR in the latter part of T4, where the tone has a
low pitch target. Though they are not directly relevant
here, the properties of T1 and T2 are also shown for
comparison

(1) Hypothesis 1: T3 and T4 are perceived more
successfully when they are at the edge of a
word than in the middle of a word.
Moreover, since Focus tends to enhance prosodic
properties, we test Hypothesis 2:
(2) Hypothesis 2: T3 and T4 are perceived more
successfully when they are produced in a focus
context than a non-focus context.
Note that the presence of focus may additionally
contribute to a positive finding for Hypothesis 1,
since both the word edge and focus factors would be
present on the last syllable of a focused word.
4. METHODOLOGY
4.1. Auditory Stimuli

Figure 1. Normalized F0 by Syllable and Focus
2

T1
T3

T2
T4

1
0

-1
-2

2
Focus Zscore F0

Non-Focus Zscore F0

The stimuli, monosyllabic CV words, were extracted
from a large corpus collected for acoustic analysis of
word and phrase prosody [1]. The full corpus consists
of 10 native speakers of Mandarin (4F; ages 18-28)
producing real three-syllable (compound) words
containing 6 instances of /i, u, a/ in each syllable
position, with each of the 4 tones. Although the
compounds were left-headed (e.g., bā xiān zhuō
‘square table’), right-headed (e.g., dī zī tài
‘modesty’), or without a clear head (e.g., sū mù zhē
‘poem style’), an initial analysis showed that the head
position did not affect the production of the tones [1].
All of the words were produced in two dialogues,
priming focus either on the target compound word
(Focus Condition) or on a word after the compound
(Non-Focus Condition), yielding 432 targets per
speaker. Only congruous tones appeared in the words
adjacent to the targets (in the compound itself or an
adjacent word in the carrier sentence) to limit tonal
coarticulation. For example, T1 was preceded by
tones with a final high target (T1 or T2), and followed
by tones with an initial high target (T1 or T4).
Sequences of T3 were excluded to avoid tone sandhi.
In the present perception study, a subset of the
corpus was used, drawn from 4 female and 4 male
speakers. An experimental block was constructed for
each voice, consisting of 72 target CV words, with /i,
u, a/ bearing T3 or T4, taken equally from all three
syllable positions, and both Focus contexts. Another
36 CV syllables, half with T1 and half with T2, served
as distractors. Each participant heard two blocks of
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T4
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Syll 1 Syll 2 Syll 3
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Figure 2. Normalized HNR by Syllable and Focus
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4.2. Procedure

Seventeen native speakers of Mandarin (11 Females),
were tested by a native speaker at a US University.
Each participant heard two repetitions of each
stimulus (monosyllabic CV word), and selected one
of four characters corresponding to words differing
only in tone (e.g., /ma/: T1 妈 ‘mother’, T2 麻 ‘hemp’,
T3 马 ‘horse’, T4 骂 ‘scold’). Before each block of
stimuli, the participants heard two full dialogues
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see a difference between T3 and T4 perception. In the
following sections, we only consider the d’ values, to
avoid the effect of bias in the perception.

recorded for the production experiment, to familiarize
them with the voice of the speaker.
4.3. Analysis

Figure 4. Mean d’ scores for each tone.

The responses in the perception experiment were first
analyzed for accuracy of T3 and T4 identification,
(i.e., selection of the character corresponding to the
auditory stimulus). Corresponding results for the
distractors, T1 and T2, were also examined, for the
purposes of comparison. Since we found a bias in the
responses, we also ran d’ analyses for sensitivity.

Mean d' scores
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5. RESULTS
5.1. Overall Accuracy and Sensitivity

5.2. Effects of focus and syllable position

An initial check of the overall accuracy rates for the
8 stimulus voices, (unsurprisingly) revealed some
speaker differences; however, there is no pattern
related to the gender of the speaker’s voice (Table 1).
The data from the 8 voices were thus combined.

The d’ values for T3 and T4 are shown in Figure 5,
for each syllable, and each Focus condition. A
repeated-measures ANOVA assessed d’ as a function
of focus and syllable and revealed a main effect of
Syllable (p < .001) and Focus (p < .001).
With respect to the Syllable effect, post-hoc tests
(Bonferroni correction) show that tone sensitivity is
lower in Syll2 than the other two syllables (p < .01);
Syll1 and Syll3 are not significantly different from
each other. Note that the low d’ in Syll2 arises in both
T3 and T4. Focus also affects both tones similarly,
significantly increasing their perceptibility (p < .05).

Table 1. Overall accuracy by speaker’s gender
Speaker
F1 M1 F2 M2 F3 M3 F4 M4
Gender
Overall
56% 64% 65% 65% 70% 73% 75% 77%
Accuracy

Figure 3 provides the rate of correct selection of
each tone. A generalized linear model analysis
showed a main effect of Tone on the accuracy rate
(c2(3) = 44.91, p < .001). Pairwise t-tests (Bonferroni
correction) revealed that the response rate for T4 was
considerably higher than for T3 (p < .001); both were
lower than the rates for T1 and T2 (p < .001).

Figure 5. T3 & T4 d’ scores by Syllable and Focus

Tone 1

Tone 2

The difference in accuracy between T3 (49%) and
T4 (72%) might be a result of T4 being better
perceived than T3, or a result of a bias towards
perceiving T4. We thus tested the sensitivity to the
tones using a d’ analysis that takes bias into
consideration. Figure 4 gives the d’ values for each
tone. Pairwise t-tests between all pairs of tones
showed that T3 and T4 d’ scores are not statistically
different, nor are the T1 and T2 scores. The sensitivity
to both T3 and T4, however, is lower than to T1 and
T2. So, when the T4 bias is removed, we no longer
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Figure 3. Correct perception for each tone.
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Non-Focus
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Figure 6 gives the corresponding findings for T1
and T2, which serve as examples of tones expected to
show strong perceptibility. Again, we see an effect of
focus and syllable: Syll2 has the lowest d’ values,
while Focus increases d’.
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Figure 6. T1 & T2 d’ scores by Syllable and Focus
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7. CONCLUSIONS

Focus

We investigated the possible perceptual confusion of
Mandarin tones 3 and 4 drawn from three-syllable
words in a large corpus with connected speech, where
their manifestations may not always conform to their
prescriptive descriptions. Tones 1 and 2 were also
tested for comparison, showing clear tone perception.
When selection of the correct tone was examined,
it appeared that only T3 was not reliably perceived;
T4 was quite successfully identified, more like T1 and
T2. The distribution of the errors, however, suggested
a response bias favoring T4, so additional d’ analyses
were conducted. When the bias was removed, T3 and
T4 were instead found to be similar, and distinct from
T1 and T2, the clear cases. That is, T3 and T4 both
showed relatively little sensitivity, compared to the
greater sensitivity shown for T1 and T2. The different
interpretations of the confusability of T3 and T4
show, moreover, that we cannot just rely on correct
scores, without considering possible response biases.
The two prosodic factors tested were both shown
to affect the perception of T3 vs. T4. That is,
perceptibility was reduced in syllable 2, compared
with syllables 1 and 3. Focus, however, improved
perceptibility of the T3 vs. T4 distinction.
Since perception is directly connected with the
production properties, we also considered whether
particular acoustic properties could account for the
perception patterns. The main source of the problem
with T3 and T4 was found to be the fact that their
pitch contours are quite similar, since both begin with
a fall, and T3 often loses its final rise. Creaky
phonation, often associated with T3, however, did not
lead to better perception of that tone.

3.0

Non-Focus
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In addition, in support of Hypothesis 2, we found
that T3 and T4 are perceived more successfully when
they were produced in a focus context than a nonfocus context. This is consistent with previous studies
showing Mandarin tones to have enhanced pitch
range, duration and intensity when they are focused
[5, 6, 9, 18, 27, 33, 36]. This acoustic enhancement,
in turn, leads to their more successful perception.
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0

Non-Focus
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6. DISCUSSION
The present study investigates the perception of
Mandarin T3 and T4, and the possible effects of
prosodic structure (syllable position and focus) on
their perception. Overall, we find that the two tones
are highly confused with each other, especially in
comparison with the greater accuracy seen in the
perception of T1 and T2.
When viewed in light of the acoustic properties of
the stimuli, the perceptual confusion of T3 and T4
suggests that that this pattern likely arises as result of
the acoustic signal. That is, while these tones exhibit
similar pitch contours overall, there is nevertheless a
considerable difference in their pitch height, as well
as in their phonation, in particular, creaky phonation.
The fact that we observed a bias towards perceiving
T4 in place of T3, however, suggests that the listeners
rely more on the contour of the tones, and somewhat
less on the pitch height, or on phonation.
With respect to prosodic structure, we found a
significant effect of syllable position and focus.
Specifically, T3 and T4 were perceived more
successfully in syllables 1 and 3 compared to Syll2,
confirming Hypothesis 1. Our results agree in part
with the previous automatic recognition studies that
found more successful tone identification in Syll1
than in Syll2 and Syll3 [22, 31]. The difference for
Syll3 may be a result of the manifestation of the final
syllable of a word when produced in isolation (as in
previous studies) and when produced within a
sentence (as in the current study). Our results also
agree with previous acoustic analyses where Syll2
was found to be the weakest syllable in trisyllabic
words based on consonant lenition and tone
coarticulation patterns (e.g., [15]).
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ABSTRACT

of representations, such as sentence level syntactic
processing [5,6]. The findings suggest that language
users update their expectations for future input
according to their experience within the experiment.
Similarly, studies investigating prosodic adaptation
indicate that listeners down-weight prosodic cues
when the information they convey is not reliable
[7,8]. Listeners also appear to adjust the degree to
which they use boundary tone information in
proportion to how informative the cue is in the
experiment [9].
An important remaining research question
concerns whether and how listeners make use of
deviant or improper prosodic marking, and whether
the outcome of prosodic adaptation is modulated by
listeners’ beliefs about the speaker’s intention. On
the one hand, listeners might simply put less weight
on prosody in making structural judgement with
improper prosodic marking. On the other, listeners
might learn speaker-specific prosodic patterns to
make anticipatory judgments about the intended
meaning. In order to address these possibilities, the
current study manipulated the contrastive accent
marking (L+H*) and the listener’s belief about the
speaker’s intention in three experiments.
In a series of visual-world eye-tracking
experiments [10], we compared how listeners
responded to proper and improper uses of
contrastive accent on an adjective-noun pair.
Experiment 1 tested whether proper use of
contrastive accent (1; red cat followed by PURPLE
cat with Fig. 1) leads to anticipatory looks to a target
object. Experiment 2 tested how listeners respond to
the “improper” use of contrastive accent (2; red cat
followed by PURPLE pig with Fig. 1). Using
exactly the same materials as in Experiment 2,
participants in Experiment 3 were informed before
the experiment that the speaker was not trustworthy.
This manipulation allowed us to explore whether
listeners’ awareness of the speaker’s intention
influences how much they adapt to the speakerspecific deviant use of contrastive accent.

This study tested whether listeners adapt to speakerspecific prosody in anticipatory processing, and, if
so, whether adaptation is modulated by belief about
the speaker’s intention. In three visual-world eyetracking experiments, we compared how listeners
responded to proper uses of contrastive accent on an
adjective-noun pair (e.g., First, find the red cat.
Next, find the PURPLEL+H* cat) in Experiment 1 to
deviant or improper uses of contrastive accent (e.g.,
First, find the red cat. Next, find the PURPLEL+H*
pig) in Experiments 2 and 3. Experiment 1
confirmed that proper uses of contrastive accent lead
anticipatory looks to the target object. Experiment 2
showed no anticipatory effects of contrastive accent
when the adjective accent was deviant. Experiment
3, where participants were informed before the
experiment that the speaker was not trustworthy,
showed participants learned to anticipate the
upcoming referent (pig) with improper contrastive
accent over the course of the experiment.
Keywords: Prosody, contrastive accent, adaptation.
anticipatory processing, eye-tracking
1. INTRODUCTION
There are a growing number of studies reporting the
anticipatory use of prosody, in which listeners
process prosodic cues rapidly enough to predict a
speaker-intended referent, even before encountering
disambiguating lexical material [1,2]. These studies
support the view that language users draw on
general statistical knowledge of prosodic functions
in conjunction with other information, such as
contextual information and world knowledge, to
generate predictions about upcoming linguistic
material. In addition, recent work in sentence
processing has addressed the language processing
change in response to language input, known as
linguistic adaptation. The adaptation effect has been
primarily observed at lower levels of processing,
such as phonemic categorization and word
recognition [3,4]. However, recent research has
found that adaptation is also present at higher levels

Proper contrastive accent (Experiment 1)
(1) First, find the red cat.
Next, find the PURPLEL+H* cat.
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Figure 2: Waveform, pitch track, and accent type for
(1a, top) and (1b, bottom).

Improper contrastive accent (Experiments 2 and 3)
(2) First, find the red cat.
Next, find the PURPLE L+H* pig.
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Figure 1: Visual array presented with (1) and (2)
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2. EXPERIMENTS
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In Experiment 1, we tested whether proper use of
contrastive accent (L+H*) on the adjective (1b)
leads to anticipatory looks to a target object (e.g., a
purple cat) as compared to the control condition that
had new information (H*) accent (1a).

2.1.3 Procedure
Participants were told to listen to the sentences
carefully while attending to the picture on the
computer monitor. As soon as the sentence finished,
participants responded by pressing the left or right
bumper on a gamepad that corresponded to the
position of the second-mentioned object. In each
trial, the sentence was presented 3000ms after the
picture onset of the computer screen. Participants’
eye-movements around the screen were recorded
with the EyeLink 1000 Plus (SR Research) at a
sampling rate of 500 Hz. Each experimental session
lasted approximately 30 minutes.

(1) First, find the red cat.
a. Next, find the purpleH* cat.
b. Next, find the PURPLEL+H* cat.
We predicted that listeners use contrastive accent to
predict an upcoming referent during visual search.
We expected to observe anticipatory eye movements
to the target object prior to the onset of the target
noun when the sentence had contrastive accent on a
contrastive adjective (1b) compared to the control
condition with new information (H*) accent (1a).

2.1.4. Data analysis and results
We summed the gazes to each entity in the scene
and calculated the logit of looks to each entity out of
looks to all the objects in the scene [12], including
the background. Statistical analyses for the duration
of anticipatory time window (from the onset of the
color adjective until the minimum onset of the target
noun) were conducted using linear mixed-effect
regression models [13]. We included Prosody (with
L+H* or H*) and Trial Order (1 to 90) as fixed
effects, as well as their interaction. Participants and
items were included as random factors.
Figure 3 shows the proportion of looks to the
target object from the onset of the color adjective.
There was a main effect of Prosody (β=2.37,
SE=1.05, t=2.25, p<0.05); more looks to the target
object were observed with contrastive accent than
without it. Crucially, the effect was observed before
the onset of any disambiguating information. As
predicted, participants used contrastive accent to
program an eye-movement in anticipation of the
upcoming word that was most likely to contrast with
the previous word in the visual array, replicating the
results of previous research [1].

2.1.1. Participants
Thirty-six native speakers of English with
unimpaired vision and hearing participated in the
experiment for course credit.
2.1.2. Stimuli
Thirty-six experimental items were created. Each
item consisted of a sound file of a sentence and a
corresponding visual scene. The auditory stimuli
were recorded by a male native speaker of English
trained in English ToBI [11]. Figure 2 shows the F0
contours of the sentence (1) in each condition.
The visual scenes were prepared using clip art
images. The position of the objects was counterbalanced across the items. Two experimental lists
were created following the Latin square design
including 36 target items and 54 filler items. The 90
items in each list were presented in a pseudo-random
order.
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Figure 3: Proportion of looks to the target object from
the onset of the color adjective to 500ms.

Analyses on fixations to each entity were conducted
as in Experiment 1. The results for the looks to the
target object (e.g., purple pig) and those to the
competitor object (e.g., purple cat) showed no effect
of Prosody or Trial Order. In order to compare the
difference between Experiment 1 and 2, we
conducted a combined analysis between the two
experiments and compared the looks made to the
object that is predicted by the proper use of
contrastive accent (e.g., purple cat). There was a
main effect of Experiment (β=6.38, SE=3.05, t=2.09,
p<0.05), indicating that upon hearing the color
adjective, participants in Experiment 2 looked less
often to the object that contrasted with the
previously mentioned object compared to
participants in Experiment 1. However, no evidence
for learning of the improper use of contrastive
accent was observed.

2.2. Experiment 2

Previous studies testing the adaptation effect in
prosodic processing have shown that listeners track
how informative or reliable prosodic cues are, and
adjust the extent to which they use prosody in
structural analysis [7-9]. For example, Nakamura,
Harris, and Jun [9] showed that listeners placed less
weight on prosodic information in structural
decision while processing target items when filler
items in the experiment had a boundary tone that did
not align with a syntactic unit. However, it is not yet
clear whether listeners can learn the speaker-specific
way of deviant but consistent prosodic marking
patterns to make anticipatory judgements. In order to
address this question, Experiment 2 tested how
listeners responded to the improper use of
contrastive accent (2b) compared to a control
condition with new information (H*) accent (2a).
The same visual scenes as in Experiment 1 were
used in Experiment 2.

2.3. Experiment 3

Previous studies found that listeners quickly recruit
speaker-based knowledge in reference resolution
[14]. Grodner & Sedivy [15] have further shown that
when listeners had reason to believe the speaker in
the experiment to be an unreliable communicative
partner, they did not use a restrictive adjective
modifier as an informative cue in determining the
referent in contrastive context. In Experiment 3, we
examined the possibility that listeners’ beliefs about
the speaker help them learn the speaker’s specific
use of deviant prosodic marking. Using exactly the
same materials as in Experiment 2, participants in
Experiment 3 were told before the experiment that
they were going to play a game with “a devious
opponent who will try to trick them”. This
manipulation allowed us to explore whether the
adaptation process would be different depending on
whether or not listeners are informed about the
speaker’s intention, and whether listeners use the
speaker’s deviant but consistent way of mapping
between prosody and meaning in anticipatory
processing. Thirty-three participants participated in
Experiment 3.

(2) First, find the red cat.
a. Next, find the purpleH* pig.
b. Next, find the PURPLEL+H* pig.
If listeners adjust the degree to which they use
prosodic cues based on how informative the prosody
is in the experiment, listeners should put less weight
on contrastive accent information in anticipatory
processing in this experiment. Thus, we expected
that participants in Experiment 2 would make less
anticipatory eye-movements compared to the
participants in Experiment 1.

2.3.1. Data analysis and results
Analyses on fixations to each entity were performed
in the same manner for the same anticipatory time
window as in Experiments 1 and 2. Figure 4 shows
the proportion of looks to the target object from the
onset of the color adjective. The results for the looks
to the target object (e.g., purple pig) revealed an
interaction between Prosody and Trial Order (β=1.45,
SE=7.38, t=1.97, p<0.05). Participants learned how
to predict the correct upcoming referent with
improper use of contrastive accent, as they heard
more tokens in the experiment (Figure 5).

2.2.1. Participants, Stimuli, and Procedure
Thirty-five native speakers of English participated in
the experiment. As in Experiment 1, two
experimental lists were created including 36 target
items and 54 filler items, recorded by the same
speaker as in Experiment 1. The procedure in
Experiment 2 was identical to that in Experiment 1.
2.2.2. Data analysis and results
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Figure 4: Proportion of looks to the target object from
the onset of color adjective to 500ms.

were aware that the speaker was uncooperative, they
quickly identified the unconventional use of
contrastive accent and learned how to predict the
upcoming referent with improper contrastive accent
over the course of the experiment.
The results of the current study provided
evidence that listeners immediately used contrastive
accent information to restrict the possibilities for
subsequent reference in the visual context,
supporting the view that the human language
comprehension system integrates multiple sources of
information in forming a representation of the
sentence in a highly incremental and efficient
manner. The results further show that listeners’
beliefs about the speaker modulated the degree of
adaptation to the speaker’s specific way of
unconventional prosodic marking.
The results provide important implications for the
rate at which listeners adapt to their interlocutors
[6,16]. Comprehenders appear to rapidly adjust their
expectations for upcoming information as they
receive more information about the speech and goals
of the speaker, as well as the propensity to use
particular structures [see also 17,18,19]. The current
study finds that when prosody is used in a nonstandard way, listeners need more than input alone
in order to adapt to the speaker-specific deviant use
of prosody in anticipatory processing.
It is known from previous studies on prosodic
adaptation that the comprehension system reduces
the informational value of prosodic cue when it is
unreliable or inconsistent. The current study
provided evidence that listeners adjust to the
speaker’s specific mapping between prosody and
meaning, allowing them to anticipate an upcoming
referent on the basis of improper, but consistent,
contrastive accent. In all, our results support the
view that online interpretation of prosodic
information is modulated by how informative
prosodic cues are, and further showed that the
assessment of the speaker’s communicative
intentions influences the extent to which listeners
adjust to non-conventional uses of such cues.

Figure 5: Change in looks to the target object from trial
1 to 90.

In order to compare the difference in looks to the
target object (purple pig) between Experiment 2 and
3, we conducted a combined analysis between the
two experiments. The analysis revealed a marginal
three-way interaction between Prosody, Trial Order,
and Experiment (β=1.43, SE=7.45, t=1.925,
p=0.054), suggesting that learning effect of improper
use of prosody was significant only in Experiment 3.
The results further indicate that when listeners were
aware that the speaker was uncooperative, they
learned the speaker’s deviant use of contrastive
accent prosody and ascribed a meaning to the
speaker-specific prosody.
3. DISCUSSION
The current study examined whether listeners adapt
to speaker-specific use of prosody in anticipatory
processing. We also tested whether the rate and
outcome of adaptation is modulated by the listener’s
belief about the speaker’s intention. The results of
Experiment 1 showed that participants used
contrastive accent to anticipate the upcoming word
that was most likely to contrast with the previous
word, given the visual array. The results of
Experiment 2 showed that when the use of
contrastive accent was unconventional or deviant,
participants did not make anticipatory eyemovements to the target object nor to the competitor
object. This suggests that when a reliable association
between prosody and structure is broken, listeners
resist making predictions based on prosody. The
results of Experiment 3 showed that when listeners
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ABSTRACT

Figure 1: Non-tonal tulul [tu."lul] ‘zapote’ (top)
>
vs. tonal íntz’i’ ["ı́n.tsP iP] ‘my dog’ (bottom) [3].
X-axis = segment duration (ms); y-axis = f0 (Hz).

We investigate the effect of intonation and discourse
structure on the realization of lexical tone in Uspanteko (Mayan). An H% boundary tone occurs in
utterance-final position, and focus produces an upward shift in pitch register. The interaction of these
phenomena with lexical tone suggests a privative [H]
vs. [∅] tonal contrast for this language.
Keywords: tone, tone-stress interaction, intonation,
information structure, Mayan
1. INTRODUCTION

logical constructions, such as possession (e.g. ixiim
[i."Si:m] ‘corn’ vs. wíxim ["wı́S.im] ‘my corn’).

Uspanteko (or Tz’únun Tziij ‘hummingbird speech’)
is a K’ichean-branch Mayan language spoken by
1200-4000 people in the region surrounding San
Miguel Uspantán, Guatemala [23]. Uspanteko is endangered, with many children in Uspantán learning
K’iche’ and/or Spanish as their first language.
Uspanteko is the only Guatemalan Mayan language which clearly has lexical tone [2, 3, 6, 7, 9, 13].
Tone is quite restricted: there is a binary [H]∼[∅]
contrast, limited to stressed syllables. (While this
tonal pattern resembles ‘lexical pitch accent’, we
avoid that term because it is poorly defined [16] and
easily confused with intonational pitch accents.)
Lexical tone in Uspanteko is overlaid on a system of stress and vowel length familiar from related
languages [6]. Stress in non-tonal words is final
(e.g. kaminaq [ka.mi."naqh ] ‘dead’). Contrastive
long vowels only occur in word-final stressed sylla>
bles (e.g. k’echelaaj [kP e.tSe."la:X] ‘forest’). Tone
is restricted to the last two syllables of the word,
and interacts with stress. Tone coincides >
with stress
on final long vowels, as in incháaj [in."tSá:X] ‘my
ash’. In a word with a final short vowel, like wíxk’eq
["wı́S.kP eqh ] ‘my fingernail’, lexical tone appears on
the penult, and stress retracts to the same position.
The phonetic effects of stress and tone are at least
partially independent: stress is associated with increased duration, while tone is associated with pitch
raising on the accented syllable (Fig. 1; [3, 4]).
Lexical tone has a low functional load in
Uspanteko—there are few true minimal pairs—but
it is systematically associated with certain morpho-

Previous fieldwork [3, 4] suggests that intonation
may mask lexical tone distinctions in Uspanteko.
Both utterance-final H% rises (§2) and list intonation, for example, affect the realization of tonal contrasts. Consider the minimal pair in Fig. 2. These
words were uttered by the same speaker, both as the
last item in a list. Lists in Uspanteko are typically
produced with rising intonation (LH%) on medial
items, but not on final items [15]. In final position,
where there is no rising intonational contour, tonal
xáab’ ["Sá:á] ‘vomit’ is realized with higher pitch and
˚
a more pronounced
rise-fall pattern than non-tonal
xaab’ ["Sa:á] ‘comb’. Both pitch contours may also
˚ by falling intonation (L%) in Fig. 2,
be influenced
common at the ends of lists in Uspanteko.
Figure 2: Non-tonal xaab’ ["Sa:á] ‘comb’ (top) vs.
˚ without rising
tonal xáab’ ["Sá:á] ‘vomit’ (bottom),
˚
intonation (speaker ).

On list-medial items, rising intonation can obscure
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lexical tone distinctions. Fig. 3 shows that the pitch
contour on non-tonal jxaab’ ["XSa:á] ‘her comb’ neutralizes with the pitch contour on ˚
tonal xáab’ ["Sá:á]
˚
‘vomit’ under rising intonation.

Table 1: Sample target items for the study

Figure 3: Non-tonal jxaab’ ["XSa:á] ‘her comb’
(top) vs. tonal xáab’ ["Sá:á] ‘vomit’ ˚
(bottom), with
rising intonation (speaker˚ ).

Short

Long

No tone

k’eten [kP e."ten]
‘hot’
[σ"σV ]

qapoop [qa."po:ph ]
‘our sleeping mat’ [σ"σV: ]

Tone

qálaq ["qálaqh ]
‘our cup’
["σ́σV ]

qajóoq [qa."Xó:qh ]
‘our corn husk’
[σ"σ́V: ]

final pitch rises (H%) are common in declarative utterances in Uspanteko, as in other K’ichean-branch
Mayan languages [1, 2, 10]; and (ii) information
structure (given vs. focused), which is known to affect sentence level prosody both crosslinguistically
[14, 18] and in Mayan languages [1, 2, 9, 10].
To elicit target sentences, a research assistant who
is a native speaker of Uspanteko read from a list of
pre-prepared questions. Participants responded by
translating a pre-prepared answer from Spanish to
Uspanteko. We manipulated information structure
and phrasal position by controlling (i) the question
type, and (ii) position of the target word in the response. Content questions (e.g. Nen tiqakoj re ojlejoon? ‘What do we use to make tortillas?’) were
used to elicit target words in a broad focus context
(e.g. Tiqakoj qaxoot re ojlejoon. ‘We use our comal
to make tortillas.’). Polar questions (e.g. Tiqasu’
qaxoot? ‘Do we clean our comal?’) were used to
prompt answers with target words in a discoursegiven context (e.g. Ji’n, tiqasu’ qaxoot. ‘Yes,
we clean our comal’). Responses were varied so
that each target word would be produced in both
sentence-medial and sentence-final position, within
each discourse-structure condition.
There were 12 target items, 3 in each condition
shown in Table 1, produced in 4 contexts each (2 discourse conditions × 2 sentential positions) for a total of 48 productions per participant. Speakers often
produced more than one usable repetition of a target
sentence, resulting in 505 total utterances.
Eight native speakers of Uspanteko participated
in the study (24-74 years old, median 42,
14; 2
male, 6 female). Recordings were made in a quiet
room with a headset microphone (Audio-Technica
ATM73a) and solid-state portable recorder (Zoom
H5), at a 48 kHz sampling rate with 24 bit quantization. The recordings were subsequently downsampled to 16 kHz for forced alignment and acoustic
analysis (§3).

The fact that intonation interacts with tone, possibly masking contrasts, creates both challenges and
opportunities. The most immediate challenge is that
we must carefully control for intonational factors
when studying the phonetic correlates of tone. The
primary opportunity lies in the fact that intonation
can help diagnose tonal specifications (or the lack
thereof) on vowels. Previous phonological analyses
of Uspanteko differ mainly in the amount of tonal
specification assumed on the last two syllables of the
word. Some authors argue for a privative [∅] vs. [H]
(or [HL]) contrast, realized only on stressed syllables [3, 7]. Others assume a two-way [HL] vs. [LH]
contrast, with tone specified on all (final) long vowels, and on the last two syllables of words with only
short vowels [13] (see also [6]). Following [20–22]
and others, we presume that intonation may be realized differently on toneless and tonal vowels, and
may have distinct effects on vowels bearing different
lexical tones (e.g. L vs. H). The particulars of how
tone and intonation interact in Uspanteko may thus
help decide between competing phonological analyses of the prosodic system. We explored this possibility through a controlled production study centered
on tone and intonation.
2. METHODS
Our production study examined word-level prosody
under different intonational and discourse conditions
in Uspanteko. We focused on tonal contrasts in bisyllabic words, classified into 4 types according to
their tone and the length of the final vowel (Table 1).
Target items were elicited in question-answer
pairs designed to control for two features likely to
significantly impact sentence prosody: (i) phrasal
position (medial vs. final), chosen because phrase-

3. ANALYSIS
Pitch contours on target words and sentences were
analysed in
[5]. First, transcriptions were
semi-automatically time-aligned using forced alignment [11]. Time-normalized pitch contours were
then automatically extracted in ERB—a scale which
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non-tonal words differ clearly under focus: in the
F
/M
condition, tonal words have a pronounced pitch peak which is absent from non-tonal
words; and in the F
/F
condition, tonal
words show a more prominent pitch rise. This may
indicate that focus prosody sharpens lexical tone
contrasts, perhaps as a reflex of the pitch range expansion and/or raising seen under focus (Figs. 4,
5). The flat (rather than rising) contour for non-tonal
words in the F
condition may thus constitute
evidence in favor of analyzing Uspanteko tone as
a privative [H] vs. [∅] contrast, instead of binary
[HL] vs. [LH] [13]. The G
/F
condition
shows clear evidence of an H% (or LH%) boundary tone in utterance-final position, which swamps
lexical tone distinctions on long vowels, and which
is itself somewhat obscured in the F
/F
condition by the pitch raising associated with focus.

corresponds well to pitch perception [19]—using a
script specifying by-speaker pitch ranges [8]. Pitch
contours for each speaker were z-score normalized,
and outliers > 2.5 from the mean removed.
4. RESULTS
We begin with a graphical exploration of our results.
Fig. 4 shows time-normalized pitch contours for
entire utterances, summarized by means of a loess
smoothing algorithm [24]. Dashed gray lines show
utterances with tonal target words, and solid black
lines show utterances with non-tonal target words.
Grey bands around smoothed pitch contours indicate 95% confidence intervals. Columns group utterances by discourse condition, while rows group utterances by the sentential position of the target word.
We expect intonational factors to interfere least with
the realization of lexical tone in the G
/M
condition (upper-left corner of Figs. 4-6).

Figure 5: Target words with final long vowels.
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Figure 4: Utterance-level contours.
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Tonal contours look a bit different for words
which contain only short vowels. Recall that in
words of this type, tone causes stress to retract from
its default final position to the penult, where it coincides with tone (e.g. wájaj ["wá.XaX] ‘my sugarcane’; see also Table 1 and Figs. 1, 7). For tonal
words with no long vowels, we thus expect a relatively early pitch rise, which should also be absent
on non-tonal words (unless intonation interferes).
Setting aside the G
/F
condition for a moment, tonal words containing only short vowels generally show an early rise, leading into a fall over
roughly the second syllable of the word. This pattern
is again clearest in focal contexts, consistent with our
earlier finding that focus tends to sharpen tonal contrasts (Fig. 5).
Though the pitch contours in Figs. 5 and 6 are
somewhat idealized, being summary representations
of pitch tracings from many different words and utterances, they are entirely consistent with pitch tracings taken from individual tokens, and from past
work on Uspanteko [3, 4]. Figs. 1 and 7 illustrate

Fig. 4 shows a general downtrend across utterances,
which is more pronounced when the target word is
G
. This suggests that focus is associated with
raised pitch on the target word, and/or inhibition of
downtrend. From these utterance-level pitch tracks,
we also see initial evidence for an interaction between lexical tone and utterance-level intonation,
inasmuch as the tonal/non-tonal contrast is somewhat more pronounced in focal contexts.
Turning to word-level pitch contours, we first consider pitch contours in words with final long vowels
(Table 1). Fig. 5 shows that in all contexts, with
the possible exception of the G
/F
condition,
words with tonal long vowels tend toward higher
pitch, as expected. In the G
condition, tonal
and non-tonal words contrast primarily in pitch level,
showing roughly the same pitch contours. In the
F
condition, both tonal and non-tonal words
show raised baseline pitch relative to their G
counterparts. This difference plausibly reflects pitch
range expansion and/or raising associated with focus. Importantly, the pitch contours of tonal and
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that the H% tone associates with the final two moras
of the word, i.e. a final long vowel, or the last two
syllables in words with only short vowels [3]. (In
this case, H% might be better-described as a ‘phrase
accent’ than a boundary tone [12, 20].)
To briefly summarize our main results, we find
that focus leads to (i) raised pitch on target words, (ii)
inhibition of downtrend, and (iii) sharpening of lexical pitch contrasts. An utterance-final H% boundary tone seems to neutralize the distinction between
tonal and non-tonal words with final long vowels
(Fig. 5). This follows straightforwardly from the
assumption that lexical tone on long vowels reflects
a privative [H] vs. [∅] contrast in the final syllable,
which is neutralized to [H] vs. H% when toneless
long vowels acquire an H% tone in final position.
However, this contrast seems to re-emerge under focus, suggesting that lexical tones and boundary tones
are enhanced differently on focused words. In particular, focus seems to privilege the expression of lexical tone over the expression of intonational contours.
For words containing only short vowels, lexical
tone is realized with an early rise on the penult,
falling into the final syllable. This pitch contour
is sharpest under focus, and reduced somewhat in
discourse-given words. In the G
/F
condition, tonal words show a continous, gradual rise,
suggesting that the final syllable has acquired an
H% boundary tone, yielding an [H]+H% sequence.
Again, we believe these patterns follow straightfowardly from the assumption that lexical tone reflects a privative [H] vs. [∅] contrast on the penult
in words containing only short vowels.

Figure 6: Target words with final short vowels.
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the characteristic pattern for tonal words containing
only short vowels, which typically have a large pitch
rise in the first, tone-bearing, syllable, followed by a
rapid fall into the second syllable, as in Fig. 6.
Figure 7: ínb’a ["ı́n.áa] ‘my head’.

This characteristic rise-fall pattern is obscured somewhat in the G
/F
condition, where an
utterance-final H% boundary tone on the final syllable produces a high plateau or slight rise from the
lexical [H] tone to the final syllable of the word.
The non-tonal words in Fig. 6 show a more varied set of pitch contours, suggesting greater influence from intonational factors. In the F
condition we see a relatively smooth upward trajectory,
which attribute to pitch raising associated with focal prosody. The G
/M
condition shows a
declining pitch trajectory, which likely reflects the
general downtrend seen in Fig. 4. We note that
this condition—which should show the least influence from intonational targets—provides evidence
against the view that toneless words are instead specified with an [LH] pitch contour [13] (Indeed, we believe [13] mistakenly treats the final H% boundary
tone as part of the lexical specification of toneless
words—a major risk of investigating tone through
lists of words produced in isolation [17], Figs. 2, 3.)
In the G
/F
condition, we again see evidence of a final rise triggered by an H% boundary tone. Strangely, we also see raised pitch in the
first half of non-tonal words. We aren’t entirely sure
how to interpret this contour, but speculate that it
may reflect anticipatory raising conditioned by the
utterance-final H%. In phonological terms, it may be

5. CONCLUSIONS
The interaction of tone and intonation in Uspanteko provides important insight into the phonological
analysis of lexical tone. Furthermore, understanding
the intonational structure of Uspanteko is crucial to
future studies of the phonetics of word- and phraselevel prosody in this language, as intonational factors impinge on the realization of tone and stress in
several distinct ways.
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ABSTRACT
Prevelar merger in Pacific Northwest English
describes merger of /ɛ, e/ before /ɡ/ and variable
raising of /æɡ/, so BEG, VAGUE, and sometimes BAG
rhyme. Variation in merger production has been
discussed previously, but only one study has
examined categorical prevelar perception [4]. It
found less BAG-raising and a lower spectral location
for BEG– VAGUE merger, but common methods of
calculating F1xF2 overlap were unsuitable for the
data. Thus, there has been no direct comparison
between production and perception. This study
compares the advancement of prevelar merger in
production vs. perception within the same speakers
using a simple overlap metric developed for use with
both data types. Overall, BEG– VAGUE merger was
more complete in perception, while BAG-raising was
more advanced in production. BAG-raising was
absent in perception, and younger speakers did not
produce raised BAG, suggesting it is more socially
marked than BEG– VAGUE merger.
Keywords: vowel merger, sound change, Pacific
Northwest English.
1. INTRODUCTION
A feature of Pacific Northwest American/Canadian
English is prevelar raising/merger, a sound change
in progress in which the low-front vowels /æ, ɛ/ are
produced as raised diphthongs before voiced velars
/ŋ, ɡ/ [1, 6, 20]. In addition, mid-front prevelar /e/ is
lowered and merged with the raised /ɛ/ at a spectral
F1xF2 location between the two non-prevelar
counterparts, so that BEG and VAGUE rhyme [bɛ̝ɪɡ,
vɛ̝ɪɡ] [3, 15]. Raising is advanced and stable before
the velar nasal, with /æŋ, ɛŋ/ merged at the same
/ɛɡ–eɡ/ location (e.g., length, thanks [lɛ̝ɪŋkθ,
θɛ̝ɪŋks]) [6, 21], and BEG– VAGUE merger is also
advanced in most communities [1, 15, 20], but the
height of /æɡ/ is more variable, with higher positions
– and sometimes three-way BAG– BEG– VAGUE
merger – found in urban, white, middle-aged, and
male speakers, in northern regions, casual speech,
and frequent words, and in younger speakers with
traditional local orientations [1, 3, 7, 15, 17, 19, 20,
22]. With lower and more variable positions for both
/æɡ/ and /ɛɡ/ found in older generations [14, 15, 21],
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the advancement seen in middle-aged speakers
suggests a change progressing over time, but the
variation among younger speakers points to social
meaning, particularly for the newer and more
frequently criticized BAG-raising [1, 3, 7].
The only report of phonemic prevelar perception
found slightly different patterns [4]. When presented
with synthetic /b_/ “half-words” with front-vowel
formant values but no codas, Northwesterners
reported hearing beg for values that included the
entire distributions of both [bɛ] as in bed and [be] as
in bayed. The distribution heard as coming from
bagel was similar to the typical location of /eɡ/ in
production, but only a third of participants accepted
[bɛ] or [be] as coming from bag, resulting in a group
pattern without BAG-raising. Thus, BEG– VAGUE
merger appeared to be more advanced than BAGraising in categorization as well as production, but
BAG -raising was less advanced in perception than
production, a pattern often found for stigmatized
variants [10]. However, these patterns have not been
confirmed with direct comparisons between
production and perception.
The aim of the present study was to compare the
advancement of merger in production vs. perception
by examining patterns among the same speakers.
However, merger production and perception data are
rarely assessed using the same metric, making them
difficult to compare directly [8]. Most common
methods for quantifying merger in production report
a numeric or statistical measure that can be applied
to accompanying visualizations of the vowel space
[9, 13]. In contrast, perception studies of mergers
(and splits) frequently use statistical tests to report
distances between vowel categories or the likelihood
of merger [13]. This study compared the two data
types with a simple overlap metric that calculates the
percentage of the distributions of two vowels that
overlap in F1xF2 space.
2. METHOD
2.1. Participants

Participants were 20 native English-speakers living
in the Seattle area who grew up in the American
Pacific Northwest (Washington, Oregon, Idaho).
They fell into three age groups, (20s, 40s, 60s, Table
1) and participated in two sessions that took place

over one year (2013–2014) in a sound-attenuated
booth on the University of Washington campus in
Seattle. All procedures were approved by the
university’s institutional review board.
Table 1: Participants by age group and gender.

Age Group
Younger: 20s (21–28)
Middle: 40s (43–49)
Older: 60s (60–70)
Total

F
4
1
7
12

M
2
4
2
8

Total
6
5
9
20

2.2. Procedures and Data

As part of a project that collected an audio database
of problem-solving conversation [5], 17 of the
participants completed collaborative tasks with a
partner. One task involved arranging a list of
household items on a grocery store floor plan; the
other involved discussing which of the items would
be most useful in a cold-weather survival scenario.
All 205 low-front prevelar vowels from the two
tasks were extracted for the present study, as well as
a comparable number per speaker before coronals,
preferably /d/ when available. This averaged to 12
prevelars (range 3–33) and 17 pre-coronals (range
9–31) per speaker, totalling about 29 tokens per
speaker (range 14–56), 490 overall.
In separate solo sessions 2–12 months later, all
20 participants completed a categorization task and
read a word list. For the categorization task, audio
stimuli were created in SynthWorks [16] to
synthesize an initial /b/ followed by 24 front-vowel
formant value combinations (F1xF2) with no
offglide or coda transitions. F1 values consisted of 8
steps between 250 and 775 Hz, 75 Hz apart, and F2
values consisted of 8 steps between 1500 and 2550
Hz, 150 Hz apart. The selected values fell on a
diagonal that covered the front vowel space of a
male Northwestern speaker recorded reading a word
list for a separate study [3].
Participants were told that each stimulus was the
first part of a word that had been cut off in the
middle, and they indicated which word they heard
with a button press. In the first three blocks of
randomized stimuli presentation, the word choices
were in the shape b_d: bad, bed, bayed, bid, bead;
the second three blocks used the same randomlypresented stimuli (unbeknownst to participants), but
the word choices were b_ɡ: bag, beg, bagel, big,
beagle. This design was intended to encourage
mental lexical access during the task, as participants
must imagine they heard words. The task resulted in
72 responses per block (pre-ɡ/pre-d) per participant,
with only responses for non-high front vowels
reported here (see [4] for high-vowel responses).
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Following the categorization task, participants
read a word list that included the same 10 /b_/ words
from the categorization task, plus one additional
prevelar, one /h_d/, and one /d_d/ word for each
front vowel. Participants read each word three times,
resulting in 6 tokens for each prevelar vowel /æɡ, ɛɡ,
eɡ/ (bag, sag, beg, egg, bagel, vague) and 9
monosyllabic tokens for each pre-coronal, totalling
45 tokens per speaker, 900 overall.
A previous study [7] found no substantial
difference in raising/merger patterns between
productions in the word list and conversational
tasks, so all tokens from both sources were
combined for the production data in this study,
yielding 11.6 tokens per speaker per vowel-context
on average (range 6–26), for a total of 1390 tokens.
2.3. Plots and Calculations

Past prevelar merger studies have frequently plotted
productions in F1xF2 space with probabilistic
ellipses of one or two standard deviations around
vowel means. Many studies represented the amount
of overlap between two prevelar vowels via the
Spectral Overlap Assessment Method (SOAM) [18],
which calculates the proportion of the smaller ellipse
that is overlapped by the larger ellipse. However,
these methods do not work well for discrete
distributions like the categorization data in this
study. Some probabilistic ellipses under-represented
overlap by curving short of frequently-chosen
options in the corners of the vowel’s distribution,
and some over-represented overlap by extending
over responses that were not selected.
Instead, both data types were visualized with
contour plots, which use kernel density estimation to
illustrate the edges and densities of vowel
distributions [23]. These plots draw more accurate
distribution shapes than ellipses, and density
information allows quick identification of central
tendencies and bimodal distributions needing further
inspection [2]. They work well for sparse, skewed,
or imbalanced data, alone or in comparison with
more robust distributions, and for evenly-spaced or
discrete data like the perceptual categorization
results in this study [8]. Distribution shapes are not
directly comparable, but relative densities and
amounts of overlap are.
To compare the production and perception data
directly, a simple overlap metric was developed.
First, midpoint formant values for production data
were normalized with all speakers and all vowels
together using the Nearey 2 equation in phonR [11].
The resulting F1 scores ranged from −1.15 to 0.09,
and F2 ranged from 0.28 to 0.98. These scores were
then discretized into a 7x8 grid by rounding F1 to

The expanded range of /æɡ/ reflects variation in
the community; in fact, the group was split into half
“BAG-raisers” and half “non-raisers,” with the
youngest age group plus one middle-aged male and
three older females showing little /æɡ/ raising,
resulting in no /æɡ–eɡ/ overlap and little plain–
prevelar change in /æ–ɛ/ overlap for the younger
group. In addition, half the younger group did not
merge /ɛɡ–eɡ/, resulting in a bimodal distribution
and only moderate overlap with all younger speakers
combined. Middle-aged and older speakers followed
the general pooled pattern, but older speakers began
with greater /æ–ɛ/ separation.

the nearest 0.2 increment (−1.2 to 0.0) and F2 to the
nearest 0.1 increment (0.3 to 1). This was similar to
the 8x8 stimulus grid used in the categorization task.
Tokens of two vowels were considered overlapping
if they shared a cell in the production or
categorization grid. Amount of overlap between two
vowel distributions was calculated as: the sum of
tokens of both vowels in all cells with overlap,
divided by the sum of all tokens of both vowels.
This describes the percentage of the entire twovowel system that showed overlap.
3. RESULTS
3.1. Production

3.2. Perception

Figure 1 shows all participants’ productions of lowfront vowels at midpoint in (a) coronal and (b) velar
contexts, and Table 2 shows overlap percentages for
each pair of vowels in production and perception,
with all participants pooled and each age group
separately.

Figure 2 shows participants’ responses to (a) b_d
and (b) b_ɡ “half-word” stimuli (black dots). Pre-d
responses mirrored production, with some overlap
between classes. /æɡ/ (red) responses did not differ
from /æd/ for any age group, but /ɛɡ/ (blue) and /eɡ/
(green) distributions were expanded and merged
around the location of /ɛd/, overlapping /æɡ/.

Figure 1: Production distributions. Red = /æ/, blue
= /ɛ/, green = /e/.
(a) Pre-coronal

Figure 2: Categorization distributions. Red = /æ/,
blue = /ɛ/, green = /e/, black dots = stimuli.

(b) Pre-velar

(a) Pre-d

As seen in Figure 1, /ɛɡ/ (blue) and /eɡ/ (green)
shifted to meet in the middle, increasing /ɛ–e/
overlap from less than half in coronal contexts to
near-total prevelar merger (Table 2). The
distribution of /æɡ/ (red) expanded upward from /æ/,
resulting in about 50% /æɡ–eɡ/ merger. However,
with the upward shift of prevelar /ɛɡ/, /æ–ɛ/ overlap
remained similar between conditions.

(b) Pre-ɡ

With substantial overlap between all three pre-d
classes, especially /ɛd–ed/ (Table 2), percentages of
overlap were less informative for all participants
combined than for separate age groups. However,
the downward expansion of /eɡ/ substantially
increased /e–æ/ overlap.

Table 2: Percentages of vowel overlap for all participants and each age group.

Production
æ–ɛ
ɛ–e
æ–e
Perception
æ–ɛ
ɛ–e
æ–e

All participants
_d
_ɡ
change

_d

Older (60s)
_ɡ
change

73
44
12

75
91
52

2
47
40

67
12
4

68
91
43

1
80
39

73
31
3

59
85
56

−14
55
53

55
19
0

43
54
0

−12
35
0

82
92
64

85
97
97

3
4
33

73
77
54

74
84
96

1
7
43

59
90
30

56
88
27

−3
−2
−3

52
67
15

65
97
78

13
30
63
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_d

Middle (40s)
_ɡ
change

_d

Younger (20s)
_ɡ
change

Older participants followed the overall pattern,
but middle-aged participants showed less overlap in
general and did not change their responses between
pre-d and pre-ɡ conditions. Younger participants
began with much less overlap among pre-d
responses, and the expanded and merged /ɛɡ–eɡ/
were fairly evenly distributed throughout the space,
resulting in greater increases in overlap.
3.3. Production vs. Perception

With all participants combined, there was more
prevelar merger in perception than production
(Table 2). However, due to the high amounts of
overlap for non-prevelar vowels in perception, it was
important to consider differences between prevelar
and non-prevelar overlap, which indicated a clear
difference in vowel systems in production. /æ–ɛ/
overlap did not change much in either production or
perception, but in production, the shifts in /ɛ/ and /e/
increased their overlap from less than half nonprevelar to near-total prevelar merger, and the
upward shift of /æ/ increased its overlap with /e/
from very little non-prevelar to about half prevelar.
In contrast, the downward shift of /e/ in perception
increased its prevelar overlap with the static /æ/.
Older participants followed the overall pattern.
Middle-aged participants showed similar amounts of
prevelar /æɡ–ɛɡ/ and /ɛɡ–eɡ/ overlap in production
and perception, but they accepted much less /æɡ–eɡ/
merger in perception than they produced. Younger
participants accepted much more merger in
perception than they produced, particularly due to
the expanded /eɡ/ covering the entire perceptual
space, including /ɛɡ/ and most of /æɡ/.
4. DISCUSSION
The variation in prevelar raising/merger within the
Northwestern speech community has interesting
implications for change in apparent time. As in past
work [1, 3, 12], younger speakers raised /æɡ/ very
little, suggesting either merger reversal or avoidance
due to stigma [1, 4, 7, 17]. In addition, half the
younger group did not merge /ɛɡ–eɡ/. This is in
contrast to prior work in Washington [3, 15, 22],
which has found robust BEG– VAGUE merger, but in
line with work in Oregon and British Columbia [1,
12, 17], which has found less BEG- and BAG-raising
in younger speakers. However, all younger speakers
in this study were from Washington (mostly the
Seattle area), including one merged speaker from
Vancouver, Washington, a suburb just across the
state border from Portland, the largest city in
Oregon. On the other hand, younger participants
accepted high amounts of overlap in perception.
This suggests that they were used to hearing merger
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in the community, but they avoided producing the
pattern themselves, particularly BAG-raising [4, 7].
Similar to past work [3, 15, 22], all middle-aged
and older speakers merged /ɛɡ–eɡ/, and most raised
/æɡ/, but in perception, the only substantial shift was
a downward expansion of /eɡ/ for the older group. In
production, /eɡ/ typically does shift downward, but it
does not even reach as low as /ɛd/ [3, 15]. This
tentatively suggests that the older group was used to
hearing three-way merger, but they might have been
unaware of the phonetic value of the merged sounds.
It is most surprising that middle-aged
participants did not differ in how they categorized
any vowels between conditions, given that most of
them raised /æɡ/ substantially in production, and in
past work, middle-aged speakers produced more
raising and merger than both older and younger
generations [1, 3, 12, 19, 21].
4.1. Limitations and Future Work

Information on prevelar perception is lacking, both
in terms of phonological categorization and
attitudes. The present study only examined midpoint
formant values, but prior work has reported /ɛɡ/ as
shorter in duration than other prevelars [3] and all
three prevelars as upgliding diphthongs [3, 15, 19],
which may allow listeners to distinguish them from
non-prevelars and possibly each other.
Given the variation within groups and possible
reversal or avoidance of raising/merger found
among younger participants, more work is needed
on the social meanings of these prevelar shifts. Some
work has found less BAG-raising in more formal
contexts [7, 22], and some has suggested that
prevelar raising/merger is not socially salient or
stigmatized [1], but a more direct examination of
attitudes [17] has found greater nuance, with more
BAG -raising among speakers with traditional, local
orientations to their hometowns. These and other
social factors should be explored further.
4.2. Conclusion

In sum, prevelar merger may be more advanced in
perception than production. BEG– VAGUE merger was
complete in both production and perception for all
but half the younger participants, who did not merge
them in production. Most older and middle-aged
participants raised BAG in production, but younger
speakers did not, and no group accepted raised BAG
in perception. This suggests that BEG– VAGUE merger
is well established but possibly socially marked for
some young people, while BAG-raising is more
clearly marked throughout the community,
particularly for young people, who may be used to
hearing it but avoid producing it.
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ABSTRACT

communities that are most likely to have the merger.
However, a recent acoustic study on eight speakers
from Bakersfield showed older speakers (35-65
years old) had the merger while younger speakers
(16-26 years old) did not, suggesting a process of
demerging [18]. Therefore, it is unclear whether the
PIN-PEN merger has ever completed in inland
California.
In addition, PIN and PEN’s places in the shifted
Californian vowel system need investigation. In
coastal communities without a merger, the front lax
vowels [ɪ] and [ɛ] are reported to be either raised
before nasal [9] [18] or not raised [8]. Meanwhile,
when the merger was found, studies reported that
PEN was raised to PIN [6] [14]. Warren & Fulop
[18] reported that the merged vowel is significantly
higher than BIT, speculating it to be a result of the
lowering BIT in California.
This paper investigates the phonological status
of the PIN-PEN contrast in inland California and
their phonetic realizations. Only vowels before [m]
and [n] are included. Those before the velar nasal /ŋ/
are not discussed, because they are extremely rare in
the data. BIT, like BAT, may also raise before the
velar nasal, constituting a separate word class.

This study investigates the prenasal high front
vowels PIN and PEN in California’ Central Valley,
using sociolinguistic interview data of 54 white
speakers balanced in age and gender from three
representative sites. While previous studies suggest a
merger in inland and rural California, the results of
this study show an increasing F2 distance between
PIN and PEN, resulting in a decreasing degree of
overlap between the two vowels in apparent time. I
argue that among older speakers, PIN and PEN
become overlapped phonetically due to dialectal
contact. But the phonological contrast remains and is
phonetically realized among young people.
Furthermore, the ongoing change causes tremendous
individual variation, among speakers that overlap or
separate the categories. Comparing this vowel pair
with other dialects in America, the change of PIN
and PEN in the Central Valley is a part of the
shrinking vowel space of the California Vowel Shift.
Keywords: Californian English, sound change,
vowels, sociophonetics, merger
1. INTRODUCTION

2. METHODS

This study investigates the prenasal high front
vowels, PIN and PEN, spoken in California’s
Central Valley. The vowels in California undergo a
chain shift, known as the California Vowel Shift
(CVS). In particular, the front lax vowels BIT and
BET have been found to move lower and farther
back [4] [11] [17]. However, how PIN and PEN, the
nasal counterparts of BIT and BET, vary and change
in California remains understudied, especially in the
non-coastal, non-urban areas.
There is a potential merger between PIN and
PEN. The Dust Bowl in the 1930s resulted in
migrant families from the South settling down in the
Central Valley. They brought the PIN-PEN merger,
a prominent feature of Southern English, to
California. A study in the 1970s [14] observed the
merger among young speakers. Decades later, the
merger was spotted in inland cities such as
Bakersfield and Fresno, as well as among African
American speakers in Los Angeles [13], leading
Geenberg [6] to speculate that that African
Americans and non-urban whites may be the two

2.1. Data collection

This study used data from sociolinguistic interviews
in the Voices of California Project, conducted in
Merced (2010), Redding (2011), and Bakersfield
(2012), representing the center, north and south
points of the Central Valley respectively. The freeflowing interviews were recorded in quiet rooms at a
sampling rate of 44.1 kHz and 16 bits, with solid
state digital recorders (Marantz PMD 660, Zoom
H2, or Sony PCM-M10) and directional lapel
microphones worn by the speakers.
Among all the interviews, those of 54 white
speakers from the three fieldwork sites were chosen,
18 from each site. In each community, the sample
was balanced evenly in sex and represented the adult
life course (18 to 73 years old).
2.2. Acoustic analysis

The interviews were orthographically transcribed
and forced aligned by FAVE [16]. All the words
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with the PIN and PEN vowels in stressed syllables in
the chosen interviews were extracted by Praat [14].
Words were excluded if (a) the target vowels are
preceded by [l] and [r]; (b) they are audibly breathy,
creaky, or interrupted by background noise. Tokens
of PEN vowels with shorter duration than 50ms and
PIN shorter than 40ms were eliminated. The onset
and offset were manually adjusted. For each speaker,
the aim was to select 25 tokens for each vowel, with
no more than two tokens per lemma. However, in
cases where fewer than 25 tokens met the criteria, a
third token per lemma was allowed.
Measurements of the duration and the first five
formants at the mid-point of the vowels were
extracted using a script in Praat, with manual
corrections when tracking errors occurred. The two
vowels, especially PIN, were not common in the
interview data. In total, formant measurements of
1209 PENs and 676 PINs were converted into the
Bart scale. Using formant measurements of the
corner vowels (BEET, POOL and TRAP) of these
speakers from previous VOC projects, the PIN and
PEN vowels were normalized using the Fabricius,
Watt, & Johnson method [5]. It should be noted that
PIN and PEN are rare in speech production; the
number of usable PIN and PEN tokens is
imbalanced between each other and across speakers.
In addition, this study also included the formant
measurements of the corresponding vowels followed
by non-nasals, namely BIT and BET, to put the
prenasal vowels in context. All usable tokens except
those from six speakers were taken from a previous
study focusing on these vowels [17]. The selection
of BIT and BET followed the same selecting criteria
of PIN and PEN, with 25 tokens from each speaker,
except that the minimum duration for the BIT and
BET vowels was 75ms. The measurements then
went through the same procedure as PIN and PEN.
In total of 1188 BETs and 1031 BITs were included
in this study.

Statistical analyses were used to address the
research questions. First, mixed-effects models were
used to examine the high/mid-front vowel space of
the speakers considering both the linguistic and
social factors. Second, the relations between PIN
and PEN of individual speakers were tested using ttests and discriminant analysis. Third, the apparenttime change of merging between PIN and PEN in
the population was examined by three measurements
that quantify the distance and degree of overlapping
between PIN and PEN: ΔF1/ΔF2, Euclidean
Distance, and Pillai Scores.
3. RESULTS
3.1. Change of high front vowels

The mixed-effects models included F1 or F2
measurements separately to show whether the social
and linguistic variables have significant effects on
the changing locations of the vowels in the speakers’
vowel space. For the frontness of PIN and PEN, Age
shows a significant main effect in the model for PEN
(p<0.005) but not for PIN, indicating that PEN but
not PIN has moved farther back over the years. A
main effect of Sex (p<0.05) shows that female
speakers produce farther back PIN and PEN.
Furthermore, both vowels are significantly farther
back after coronal and labial consonants (p<0.01 in
all cases), before [m] than [n] (p<0.001 in all cases),
and when they are shorter (p<0.05 for PIN and
p<0.0001 for PEN).
For the height of PIN and PEN, no significant
main effects are shown for the social factors,
indicating no apparent-time change for these vowels.
They are significantly lower followed by [m] than
by [n] (p<0.05 for both vowels), and with a longer
duration (p<0.0001 for PEN and p<0.001 for PIN).
Apparent-time backing led by women was found
for BIT and BET vowels (Sex and Age have
significant main and interaction effects), but not for
their vowel heights. The results suggest that BIT,
BET, and PEN all undergo backing but not raising
or lowering, while PIN stays stable. Additional
mixed-effects models among all vowel pairs show
that PIN is fronter and lower than BIT, and higher
than PEN; while PEN is higher and fronter than BET
(all significant, Figure 1).

2.3. Statistical analysis

Both social and linguistic factors were considered in
the statistical analysis. The linguistic factors were
the log duration and the phonological environment
of the vowels, including the preceding segments
(places of articulation for consonants or a vowel),
and the following nasal ([m] or [n]). The social
variables were Age, Sex and Site. Age was based on
the birth year of the speakers. It was treated as a
continuous variable, instead of a categorical one,
because of the uneven distribution of age across
different sites in this sample. Sex was based on
speakers’ self reports.

Figure 1: The relative positions and apparent-time
change in the high front vowel space
BIT à
PIN
PEN à
BET à
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(p<0.0001), the Pillai Scores of younger people are
significantly higher than older people, indicating that
over the years, the two vowel categories have
become less overlapped. Parameter estimates
suggest that female speakers from Bakersfield seem
to have the smallest Pillai Score among all the
speakers (p<0.0001).

3.2. PIN and PEN by individual speakers

For every speaker, two-sample t-tests were
performed to compare F1 and F2 separately between
PIN and PEN. 38 speakers show overlap between
PIN and PEN, indicating many speakers produce
overlapping PIN and PEN in one or both dimensions
of the vowels, among them 17 do not distinguish
them on either the F1 or F2 dimension. 16 speakers
produce separate PIN and PEN with significant
differences in both F1 and F2. When the t-test
results are sorted by Age of speakers, it can be
observed that speakers who produce significantly
distinct F2 between PIN and PEN appear to be
younger than those who produce overlapped F2,
while no visible age difference is shown for F1.
I also use discriminant analysis to show the
confusability between the PIN and PEN categories,
where misclassification rates (MR) are calculated
based on how many tokens were misclassified into
the other category by each speaker. A low MR
indicates clear separation between categories. The
results show that there is a tremendous variability in
the overall MR across speakers, ranging from 0%
(clear separation of the vowels) to 53.85% (complete
merger of the two categories).

4. DISCUSSION
This study investigates PIN and PEN in relaton to
BIT and BET. The PIN vowel is significantly lower
than BIT while PEN significantly higher than BET,
concurring with studies that demonstrate shorterned
F1 distance between prenasal vowels [1]. This
provides the acoustic basis for a potential merger.
The results also show that the PIN vowel has not
moved farther back over the years even though BIT
has. In contrast, PEN has moved farther back
together with BET. As a result, the PIN vowel is
significantly fronter than BIT, while PEN is
significantly farther back than BIT though fronter
than BET. Female speakers consistently produced
farther back vowels, significantly more advanced in
the sound change than male speakers. Linguistic
environment also conditions the change. PIN and
PEN are farther back after labial and coronal
consonants. They are also farther back when
followed by bilabial [m] than the alveolar [n]. In
addition, the longer the vowel is, the farther back the
vowels appear to be. Because PEN moves farther
back while PIN appears stable, there is an enlarged
F2 distance confirmed by the mixed-effects model.
The different patterns between F1 and F2 in the
overlaps suggest that they may take different roles in
the variation. Apparent-time change is observed only
along the F2 of PEN, while there are no effects
along the F1 of either vowel or the F2 of PIN. It is
possible that the varying vowel frontness of PEN is
responsible for the apparent-time decreasing degree
of overlap between the two vowels, shown by the
decreasing Pillai Score. The farther back a speaker’s
PEN is, the less overlapping the two vowels are. The
varying vowel heights of PIN and PEN have little to
do with the apparent-time decrease in overlap but
may contribute to individual variation.
Warren & Fulop [18] suggested there might be a
demerging process in the area, however, it may be
possible that PIN and PEN never truly merged.
Emergence of a merger is not uncommon in sound
change, but the reversal of a merger is very rare.
Once merged, the reversal of the process through
linguistic means is extremely difficult, especially if
there are few minimal pairs between the contrastive
categories, or if the contrast relies on few phonetic
features [12], two criteria that the PIN-PEN pair

3.3. Distance and overlapping of PIN and PEN

Mixed-effects models were applied to the Euclidean
Distance between all the PENs and the mean of PINs
for each speaker, with the social and linguistic
factors, as well as Speaker and Word as random
effects. No social or linguistic effects were shown.
However, when modeling the differences in F2 and
F1 between PIN and PEN separately, significant
social and linguistic effects emerge for F2, but only
linguistic effects surface for F1. The results show
significant larger F2 distance in female and younger
speakers (Sex and Age both significant at p<0.05),
as well as when PENs follow coronals and labials
(p<0.01), are followed by [m] (p<0/001), and have
longer log duration (p<0.0001). Larger F1 distance
is shown with longer PENs (p<0.05) or PENs
followed by [m] (p<0.0001). This pattern indicates
that the PIN and PEN become more distant among
younger people and female speakers, but only in
terms of vowel frontness and not height.
The Pillai Score resulted from a MANOVA test
for each speaker with Word as a random factor. It
measures the degree of overlapping between two
categories in the F1-F2 space. The higher the score
is, the lower the degree of overlapping between the
two vowel categories, and the less likely a merger
[7]. A linear regression model for the Pillai scores
from each speaker shows a general trend of the PINPEN “demerger”. With a main effect of Age
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seems to meet. In the rare cases where a merger
seems to have gone through a reversal, such as the
loss of the LOIN-LINE distinction in the century
after 1650, motivations such as standardized spelling
[10] and educational target [2] have been proposed.
Deeming these motivations insufficient, Numberg
[15] proposed that LOIN-LION never truly merged;
instead, a near merger took place where the contrast
was not perceivable by the speakers, but subtle
phonetic differences remain in the production. This
happens because at a stage of a sound change, the
perceptual space of two categories may overlap as
the phonetic targets of the two categories approach
each other. However, when the sound change
continues, and the phonetic targets move pass from
each other, the contrast between the two categories
will resumed in perception.
The merger of PIN and PEN observed by Metcalf
[14] reflected the overlapping tendency of the two
categories. Young speakers in his time – now older
speakers in this sample – are shown to have
overlapped PIN and PEN. However, a closer look at
individual data show remarkable variation of the
placement of these speakers’ overlapped categories:
some overlapped PIN-PEN raise to where BIT is,
some lower to where BET is, and some lie in
between. This shows that the “merger” was an
ongoing change, and there was not a homogeneous
phonetic target for the “merged” category among
these speakers. Much like the LION-LOIN case
discussed above, the “merger” is an illusion of
phonetic proximity in an ongoing sound change,
very likely brought by the Dust Bowl in the 1930s,
where many families from the South moved to
California and made the Central Valley their home.
This is evident in many interviews, where the
speakers talked about growing up in an “Okie”
family (from Oklahoma or other southern states) or
with “Okies” in their neighborhood. Some speakers
also noted that these families from the South speak a
different dialect; but the kids grew up speaking the
“Cali-accent”. One speaker even explicitly talked
about “PIN and PEN are the same for us”, but did
not associate it with their southern ties. These metalinguistic awareness shows that the overlapped
vowels have their southern roots, but have been
incorporated as a local feature.
Furthermore, the results show that PIN and PEN
have become more separate among younger
speakers, owing to PEN moving farther back in the
vowel space while PIN staying stable. If there were
a complete merger, one would expect the merged
PIN and PEN should behave the same way in sound
change. Because this is an ongoing change, there are
also different degrees of overlapping among younger
speakers whose vowel categories are not entirely

overlapped. Both the “demerging” and the variation
across speakers suggest that the PIN and PEN have
never truly merged into one phonological category.
The phonological contrast remains even some older
speakers overlap the two categories due to contact
with the southern dialect. Among younger speakers,
the contrast surface again in phonetic forms.
Finally, the change of BIT, BET and PEN should
be considered in the context of the California Vowel
Shift. BIT and BET moving father back is part of the
chain shift, and PEN seems to participate in this hift
with BET. Although it is unclear why PIN stays
stable, the change of PEN is enough to separate
itself from PIN, recovering the contrast. Moreover,
by moving farther back, these high front vowels
participate in a shrinking vowel space characteristic
of the Californian vowels [17].
5. CONCLUSION
This study investigates the variation and change of
PIN and PEN in inland California. Although the
PIN-PEN merger is expected to occur in the inland
and rural areas in California based on past studies,
the results show otherwise. PIN and PEN have
different behaviors in apparent-time sound change:
while PIN remains stable, PEN has become farther
back with the other front lax vowels in the California
Vowel Shift. This results in an enlarged distance
between PIN and PEN on the F2 dimension, and
causes the degree of overlap between the two vowels
to decrease in apparent time. Since there is less
overlap among young people, it is likely that the
“PIN-PEN merger” observed in past studies might
be a stage of sound change when the two vowels
overlap in production, and thus not a true merger. It
is possible that the convergence of PIN and PEN is a
result of contact with Southern English. However, a
complete merger might not have taken place. As
PEN participates in the California Vowel Shift, the
two vowels become separate phonetically again. The
results show tremendous variation across speakers
(especially in terms of the vowel height of PIN and
PEN). The prevalent interspeaker variation might be
characteristic of an ongoing sound change. It also
suggests that sound change like PIN-PEN merger
might not be as unidirectional and homogeneous as
previous studies often depict. Furthermore, this
reversal of what appears to be a merger show that a
phonological contrast can persist through sound
change even when the phonetic forms of the
phonological categories become highly overlapped
in a historical process.
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[ɑŋ], but for /ə/ and /i/, nasal difference is the only
element that distinguishes the syllable, and therefore
however weak it is, the nasal difference should be
retained.
However, recent studies on the nasal coda
neutralisation do not suggest so. There have been
little done in Shanghai Mandarin but those mainly
focusing on Taiwan Mandarin show that the
neutralisation goes from velar nasals to the alveolar
counterparts, and the neutralisation rate is the lowest
preceded by /a/, increases when followed by /ə/, and
becomes the easiest to change when preceded by the
high front vowel /i/ [6, 10, 14, 15, 21].
Different speech styles could also lead to a
difference in the actual realisation of syllable-final
nasals. In studies in Taiwan Mandarin, subjects tend
to confuse alveolar and velar nasals more in
spontaneous (casual) speech. In [7] which focused on
Taiwan Mandarin, spontaneous speech would result
in more lack of nasal contrast. However, in [15], there
seems to be no significant difference in regard to
speech styles.
Given the contradictory results found in different
studies as well as a lack of such studies on Shanghai
Mandarin, this study aims at investigating the
following questions:
1. Do speakers from Shanghai produce /n/ and /ŋ/
differently with different preceding vowels?
2. Do different speech styles show different
patterns?

ABSTRACT
This study investigated the nasal coda realisation in
Shanghai Mandarin where speakers sometimes
confuse alveolar and velar nasal codas to see whether
it would be influenced by the phonetic environment
and speech styles. Twenty-five participants from
Shanghai were involved in two speech production
tasks. The analyses showed that the nasal
neutralisation mainly happened from velar nasals to
alveolar counterparts, and it exhibited more with the
presence of the preceding vowel /i/, then /ə/, and /a/
was the least possible to trigger such phenomenon. In
addition, the confusion would favour casual speech
more than formal speech, but each style exhibited
different neutralising patterns.
Keywords: nasal coda; Shanghai Mandarin; speech
production; language variation and change
1. INTRODUCTION
In a Chinese (Mandarin) syllable, the coda position
can be filled with a nasal contrast, /n/ and /ŋ/, and they
could be both preceded by three monophthong
vowels, /i/, /ə/ and /a/. For /a/, there are two
allophones, the back vowel [ɑ] only appears when
preceding a velar nasal, and [a] can appear with the
presence of an alveolar nasal coda. For /ə/ and /i/, in
Shanghai Mandarin, realisation before each nasal is
the same.
Given the variants available from the preceding
vowels, we can see that in pair [an] - [ɑŋ], there are at
least two cues available to distinguish each other,
namely the preceding vowel and the nasal, but in [ən]
- [əŋ] as well as in [in] - [iŋ], the only obvious cue is
the nasal difference. According to the
phonologization theory [8], if there exist two cues to
distinguish two contrast sounds from each other, the
robust one would serve as the primary cue and the
other as the secondary (redundant) cue, and the
informative primary cue is more likely to be selected
while the redundant cue may be reduced due to its
obscureness [21]. As nasal is a relatively weak cue [9]
compared to the vowel difference, theoretically the
neutralisation should happen more in nasals preceded
by /a/, resulting in a pair of [an] - *[aŋ], or *[ɑn] -

2. METHODS
In order to investigate whether realisation would vary
with different preceding vowels and styles, two
experiments were designed. All participants were
involved in two tasks. After filling a demographic
questionnaire, they would do an interview first, and
then a wordlist reading task.
2.1. Participants

A total of 25 participants were recruited for the
current study. They were all students at the University
of Edinburgh, recruited through the “friend of a
friend” approach [16]. Among all the participants, 7
were male and 18 were female, aged between 22 and
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28 (M = 23.84, SD = 1.76). They were raised in
Shanghai (born in Shanghai or lived in Shanghai
before 4 years old), and the average duration of
residence in Shanghai was 21.13 years (SD = 2.93),
meaning that they have spent on average 89% of their
lives living in Shanghai. Twenty of them were selfreported to be able to speak Shanghainese, a regional
dialect in the area (either as their first language or one
of their first languages). All of them reported no
speech impairments.

interviewer. Participants would discuss the
differences in meaning between them with the
interviewer, and the discussion for each pair usually
lasted for 2-3 minutes. After the first task and a oneminute break, participants would come to the wordlist
reading task. A practice session with five trials was
given for participants to familiarise with this task
before the official start. Stimuli would appear in the
centre of the screen in a randomised order using
PsychoPy [18], and participants had to read out the
word they saw. An inter-trial-interval of 3,500 ms
was placed. A 30-second break was provided in the
middle of this task.

2.2. Equipment

All participants were recorded in a quiet room on the
premises of the University of Edinburgh using Zoom
H2n recorder, digitised at 44.1khz and 16-bit.

2.5. Data labelling

All tokens were manually judged and labelled by the
researcher. Acoustic analysis was carried out with the
aid of Praat [2] in combination with the perceptual
judgment of the researcher who could distinguish two
nasals in both production and perception. F2 at the
endpoint of preceding vowels was accepted as a
strong cue in judging how the nasal coda was realised
[12] as during the transition of the front vowel [i] to
the velar nasal, F2 would move up and F3 would
move down to merge with F2 to form a velar pinch,
but for the transition to the alveolar nasal, the
trajectories of F2 and F3 would keep parallel.
However, for mid [ə] and [a], and back vowel [ɑ], the
transition to velar nasals would not display an
obvious velar pinch [17], but just a slight rise of F2 at
the end, therefore, auditory judgment was the primary
source of nasal identification in combination with F2
values at the end of preceding vowels.

2.3. Materials

In the first production task aiming at eliciting casual
speech in a face-to-face interview, twelve semantic
differential questions which asked about differences
between a pair of synonyms were arranged. Four of
them were distractors and eight were of interest. They
were all displayed on the screen pair by pair. Each
pair consisted of real and high-frequency words, and
all target syllables were in CVN structure containing
either /a/, /ə/ or /i/ and one of the nasals in the coda.
Target tokens could be in any position of a word given
that spontaneous speech did not have a clear pause
between syllables. For example, in one of the
semantic differential questions, the two synonyms
were: bing qi lin “ice cream” and bing bang “ice
lollies”, with bold syllables targeted. Nineteen
syllables in total were intended.
In the second production task, which used a
wordlist to elicit formal speech produced with more
attention, a total of 180 real words were arranged,
including 72 fillers and 108 target words. All 108
target words were real and high-frequency words, and
target syllables were in CVN structure placed in the
word final position which was followed by an interval
to avoid influence from the next syllable. For
example, token huang jin “gold” was used in this
task, with the bold syllable targeted. Eighteen
syllables were evenly distributed for each vowel and
nasal type (18 * 3 vowels * 2 nasals = 108 tokens).

3. RESULTS
An inspection of all tokens extracted was carried out
before analysis. From the first task, a total of 2,297
tokens were extracted, of which 2,152 tokens were
included for analysis. The exclusion of 145 tokens
was to prevent the influence of the first token on
tokens consecutively repeated in a row, therefore
tokens in a repetition string other than the first one
would be excluded. In addition, tokens whose vowels
and/or nasal codas were too short in duration to be
identified in connected speech would also be
excluded. From the second task, all tokens (108 * 25
= 2700) from each participant were clearly and
correctly pronounced and recorded.
A mixed-effects logistic regression was originally
built in R [19] with the lme4 package [1] in order to
investigate the relationship between the actual
realisation and intended nasals when modulated by
preceding vowels as well as styles. However, the
model failed to converge when all data were entered,

2.4 Procedure

After signing the consent form and completing the
demographic questionnaire, participants would sit in
front of a computer. For the first task, each pair of
semantical synonyms were displayed in the centre of
the screen in a randomised order using PsychoPy
[18], and they were displayed instead of being said by
the interviewer to avoid the influence from the
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therefore two models based on different intended
nasal types were built, and both models converged
this time. The dependent variable for each model was
the agreement between the actual realisation and the
intended nasal (yes, no). As fixed effects, preceding
vowel and style were entered with the preceding
vowel /i/ and the casual style as the intercepts. Gender
and whether participants could speak Shanghainese
were also entered as control variables. As previous
studies on nasal realisation in Taiwan Mandarin
indicated that the lack of nasal contrast in Min dialect
[10] lead to the confusion of nasal codas in Taiwan
Mandarin, therefore, Shanghainese, the regional
dialect where only the velar nasal [ŋ] is allowed in the
coda position [4] was controlled in the current study.
The interaction between vowel and style was treated
as the interaction item. As random effects,
participants and different stimuli were entered as
intercepts. P values were obtained using the lmerTest
package [11]. Pairwise comparison using Tukey
adjustment was done using emmeans function in the
emmeans package [13] when significant effects were
shown.

preceding vowel /i/ is significantly different from that
of /a/ or /ə/ (b = 1.68 and 1.83, SE = 0.65 and 0.76, p
< 0.01 and 0.05, respectively), but a pairwise
comparison between preceding /a/ - /ə/ indicates no
significant difference (b = 1.13, SE = 0.54, p = 0.09).
Style difference is statistically significant (b = -1.6,
SE = 0.34, p < 0.001), but gender or ability to speak
Shanghainese does not influence the realisation of
alveolar nasals (b = 0.53 and 0.03, SE = 0.88 and 0.86,
p = 0.5138 and 0.9681, respectively).
Multiple pairwise comparisons of preceding
vowels modulated by styles show that the results
exhibit more difference within formal speech as all
three preceding vowel comparison pairs show
statistical difference (all |z| > 3.3, p < 0.003) as the
rate increases from /a/ to /ə/ then to /i/, while the
difference is less significant in casual speech, with
pair /i/ - /a/ and /i/ - /ə/ showing marginal significant
(both |z| > 2.3, p < 0.04) but not for pair /a/ - /ə/ (|z| =
0.15, p = 0.98) as the rates are both around 0.5%.
3.2 Intended velar nasals

Figure 2 shows that different preceding vowels lead
to different patterns in realising intended velar nasals.

3.1 Intended alveolar nasals

Figure 2: Actual realisation of intended velar nasals
following different vowels

Figure 1 shows that velarisation of intended alveolar
nasals varies with different preceding vowels.
Figure 1: Actual realisation of intended alveolar nasals
following different vowels

With preceding /a/, 0.67% of velars are realised
as the alveolar counterparts in formal speech, 2.1% in
casual speech. For /ə/ the mismatch rates increase
drastically to 48.44% in formal speech and 78.17% in
casual speech. A similar trend is observed with
preceding /i/ where the neutralisation rates are 58%
and 79.1% respectively in formal and casual speech.
The neutralisation rate therefore follows the order /i/
> /ə/ > /a/ (high to low).
The logistic mixed-effects analysis indicates that
the neutralisation rate of alveolar nasals to the velar
counterparts would differ with different preceding
vowels. The difference between nasal realisation
following /i/ - /a/ is significantly large (b = 7.52, SE
= 1.02, p < 0.001), so as between /a/ - /ə/ (b = 6.39,

When preceded by /a/, both styles present merely
0.65% and 0.67% mismatch between the intended
alveolar nasals and the actual realisation, and 0.53%
for /ə/ in casual speech, but higher in terms of formal
speech, 6.44%. For the preceding vowel /i/, around
3.25% of alveolar nasals are realised as velar nasals
in casual speech and a higher 12.67% in formal
speech. The neutralisation rate mostly follows the
order /i/ > /ə/ > /a/ (high to low).
The logistic mixed-effects analysis shows that
different preceding vowels influence the realisation
of alveolar nasals. Realisation with the presence of
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SE = 0.60, p < 0.001), but no difference is shown in
/i/ - /ə/ pair (b = 0.05, SE = 0.20, p = 0.81). Style
difference is statistically significant in terms of
intended velar nasals (b = 1.17, SE = 0.17, p < 0.001),
but gender or ability to speak Shanghainese does not
influence the realisation of nasal codas significantly
(b = 0.90 and 0.72, SE = 0.66 and 0.62, p = 0.17 and
0.24, respectively).
Multiple pairwise comparisons of velar nasals
preceded by different vowels modulated by styles
show less difference within formal speech,
contradicting to intended alveolar nasals case. In
formal speech, alveolarisation occurs differently
when preceded by different vowels in all three pairs
(all |z| > 3.1, p < 0.005), as the neutralisation rates
increase from /a/ to /ə/ and gradually to /i/, but in
casual speech, two pairs that show significant
difference are /i/ - /a/ and /a/ - /ə/ (both |z| > 7.2, p <
0.001), but not /i/ - /ə/ (|z| = 0.24, p = 0.97), as the
neutralisation rates of this pair are in two styles
similarly high around 79%.

execute two opposite gestures. Among all
combinations of three vowels and two nasals, the
longest distance for the articulator to move is [iŋ],
which is from the very front of the oral cavity to the
velum, therefore, the difficulty, as well as the
excessive energy spent in realising it, would intervene
in the distinction the most. But it cannot explain why
the nasal neutralisation from velar to alveolar happens
in Shanghai, but not in Beijing, where such
neutralisation goes the other way around when
preceded by /i/ [3]. Therefore, future studies could
possibly
consider
factors
inhibiting
such
neutralisation in Beijing Mandarin if Rhyme
Harmony should play a role in the neutralisation.
The stylistic variation should be interpreted with
caution. For the velarization of the intended alveolar
nasals, however unfavourable the pattern is
(mismatch rate generally is below 15%), we can see
that such phenomenon persists more in formal
speech, especially with preceding vowel /i/ as the
mismatch rate increases by almost 10 percent points
from 3.3% in casual speech to 12.7% in formal
speech. For the alveorisation of the intended velar
nasals, although the rate remains low for preceding
vowel /a/ in both styles, when preceded by /ə/ and /i/,
the neutralisation rate decreases from 78.2% and
79.1% in casual speech to 48.4% and 58% in formal
speech.
Two possibilities are proposed for the above
stylistic variation. The first interpretation is that
speakers possess phonological knowledge of two
nasal codas, and the problem lies only in phonetic
realisation. Therefore, when more time and attention
is allowed in formal speech, chances are high that
they could successfully realise intended velar nasals,
therefore we see an overall lower mismatch rate with
intended velar nasal codas in formal speech than in
casual speech. A second explanation could be that
speakers are aware of the existence of two nasal codas
through formal education, media and other settings,
and they are also reminded of their excessive use of
alveolar nasals in Shanghai Mandarin, which is
considered prescriptively wrong, but they do not
phonologically distinguish the two phonemes.
Therefore, when more time is given, they just
hypercorrectly velarise possible alveolars, which
results in the unusual higher mismatch rate with
intended alveolar nasals in formal speech as
compared to those realised in casual speech.
Future studies could include language attitudes
as an external factor behind the phenomenon. It is
possible that they are aware of the prescriptive
distinction, but they nonetheless prefer to speak the
variety without nasal coda differentiation that is
different from varieties spoken in Beijing and other
northern areas in China.

4. CONCLUSION AND DISCUSSION
This study found that the nasal coda neutralisation in
Shanghai Mandarin is mostly from velar nasals to
alveolars, but the opposite direction also occurs,
which depends on the speech style. Both directions
follow the same pattern: /i/ > /ə/ > /a/.
The reason for the phenomenon to appear could
to some extent be attributed to the internal structure
of nasal syllables. Speakers do not confuse two nasals
in the production of the pair [an] - [ɑŋ] because of the
existence of the stronger cue [a] - [ɑ] contrast, rather,
both vowel and nasal cues in conjunction enhance the
[an] - [ɑŋ] distinction, while for [ən] - [əŋ] and [in] [iŋ] pairs, although two syllables would no longer be
distinguishable without nasal difference, speakers
nonetheless continue the neutralisation. This would
more possibly be the result of following Rhyme
Harmony [5], which constraints that the nucleus and
coda must agree in backness. For [an] and [ɑŋ], the
place of articulation already agrees ([-back][-back]
and [+back][+back], respectively), and the violation
cases *[aŋ] and *[ɑn] are not preferred in Mandarin
phonology. For /ə/, as the non-high vowel position is
unmarked for backness, the combination with nasals
would be unconstrained, hence sometimes the nasal
neutralisation is favourably disposed to but
sometimes the distinction wins out. For preceding /i/,
[in] agrees [-back][-back] but [iŋ] is a violation in
terms of the Harmony, therefore, lower accuracy is
observed in it in both styles.
The physical account for Rhyme Harmony is the
capability for an articulator to move fast enough to
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ABSTRACT

by Min [14, 11]. One of the well-documented phonetic variations in Taiwan Mandarin is the merging
between dental and retroflex sibilants.
In Mandarin there are three pairs of voiceless
dental and retroflex sibilants, including the fricatives /s/ and /ù/, the affricates /ts/ and /tù/, and
the aspirated affricates /tsh / and /tùh /. Min, on
the other hand, has the same three dental sibilants
but none of the retroflex counterparts. The absence of retroflexes in Min is commonly considered as the cause of deretroflexion (i.e., producing
less retroflexed sibilants or even no retroflexes) in
the speech of Mandarin-Min bilinguals [14, 11, 7].
Deretroflexion results in neutralization of the two
sibilants in Taiwan Mandarin. This merging phenomenon has been extensively studied in relation to
various social factors. For example, males tend to
have a higher degree of sibilant merging than females [23, 12], and merging is more frequently observed in spontaneous speech than read speech [18].
Other social predictors that show an effect on the degree of merging include age, educational level, and
socio-economic status [17, 18].
One aspect of the merging variation that has not
yet been fully explored is its geographical distribution. The lack of interest in the geographical effect
on sibilant merging might be due to the fact that
such effects are highly correlated with the influence
of Min. Higher frequency or proficiency of Min
usually leads to more severe merging [17, 18, 20].
Since Min frequency of use and Min proficiency is
geographically determined, with more Min use and
higher Min proficiency in the south than in the north
[1, 10], it is therefore often assumed that sibilant
merging follows the same geographical distribution
as frequency or proficiency of Min. To the best of
our knowledge, only two studies so far have directly
addressed this issue [17, 6]. Although the findings
of these studies are generally consistent with the assumed geographical effect, the numbers of participants and locations in both studies are however limited: Lin [17] recruited 45 participants and divided
them into Taipei (the capital) and non-Taipei groups,
whereas Chuang [6] examined 15 speakers from ei-

This study investigates the geographical distribution
of pronunciation variation of voiceless dental and
retroflex sibilants in Taiwan Mandarin. Previous
studies indicated that the merging of the two sibilants is geographically dependent [17, 6]. However, the geographical effects in these studies are
not easy to interpret due to the limited number of
speakers and regions. For the current study, we
recruited 331 native speakers of Taiwan Mandarin
from 120 regions in Taiwan. In a picture-naming
task, 30 dental/retroflex-initial words were elicited
from each speaker. The data were analysed with
Generalized Additive Mixed models [26]. The analysis revealed a robust effect of geographical location, with merging being less common in metropolitan cities as compared to the surrounding areas.
Keywords: Geographic variation, merging, dental
sibilant, retroflex sibilant, Taiwan Mandarin
1. INTRODUCTION
When one language comes into contact with another,
changes in one or both languages inevitably occur
[21]. These contact-induced changes can be observed at various linguistic levels, and phonological
or phonetic change is usually one of the phenomena that are most likely to happen [19]. The issue of
how the sound systems of two contact languages interact with each other is sociolinguistically interesting, because social factors often play a crucial role
in determining how sounds change [15]. This study
examines the variation of sibilant merging in Taiwan
Mandarin from a sociolinguistic perspective.
Taiwan is a highly bilingual society. In addition
to the official language Mandarin, the majority of
people in Taiwan speak an additional substrate language. As more than 70% of the people in Taiwan are ethnically Min, most people in Taiwan are
Mandarin-Min bilinguals [9]. The extensive contact
between the two languages has caused the sound
system of Mandarin to be substantially influenced

472

ther Taipei or Kaohsiung (the biggest city in the
south). Given the small sample size in these studies,
a more comprehensive and larger-scale investigation
is necessary.
The goal of this study is to examine how the merging variation between dental and retroflex sibilants
in Taiwan is geographically distributed. Instead
of dividing speakers into separate location groups,
we quantify geographical location by measuring the
longitude and latitude of the region for each speaker.
We then use Generalized Additive Mixed models
(GAMM) [26] to model the non-linear interactions
between them, following the approach of Wieling et
al. [24] and Wieling et al. [25]. It is hypothesized
that if the geographical effect coincides with the
effect of Min influence, merging should aggravate
from the north to the south. On the contrary, if the
geographical effect is inconsistent or at odds with
the effect of Min influence, a different geographical
distribution of the merging variation should emerge.

Figure 1: The geographical distribution of population in Taiwan, and the participants in this study.

initial sibilants followed by rounded vowels. For the
rest of the words, the sibilants are followed by unrounded vowels. Except for the initial position, no
dental or retroflex sibilants occur in the rest of the
words. Another set of thirty words were selected and
included as fillers. These filler words do not contain
any dental or retroflex sibilants.
We conducted a picture-naming task to elicit sibilant production. The pictures of all sixty words
were presented in a sequential manner. Participants
were asked to name the pictures naturally and spontaneously. Whenever the identification of a picture
was not successful, the experimenter would provide
oral hints to elicit the correct production. When
the production of a word was unclear or accompanied by other vocal activities such as laughing or
swallowing, repetitions were requested. All participants filled in a language background questionnaire
about their residential history and language use. On
a likert-scale from one to seven, they self-rated their
fluency in Min and the frequency of using Min.

2. METHODS
2.1. Participants

A total of 331 native speakers of Taiwan Mandarin
(194 males and 188 females) that are ethnically Min
were recruited for the experiment. The age of the
participants ranged from 18 to 30 (mean = 22.16).
The geographical location of each participant was
coded according to self-reported residential information, and was operationally defined as the place
where the participant had lived for the longest period of time before the age of 18. In total 120 distinct
locations were identified.
Figure 1 presents the geographical distribution of
the participants in this study, along with the population size of each city coded in the background1 .
As can be seen, the population density is higher in
the west of Taiwan. This is due to the fact that the
east of Taiwan predominantly consists of mountainous areas. The major cities in the west of Taiwan
are Taipei, Taichung, and Kaohsiung, respectively.
Consistent with the population distribution, 67% of
our participants were from these three major cities.
Almost half of them (48%) were from Taipei, where
the data were collected.

2.3. Acoustic measurement

To quantify sibilant realizations, we adopted the
measurement of centroid frequency (henceforth
CenFreq), a reliable measure for distinguishing
different places of articulation for sibilants [13].
Specifically for studying the dental-retroflex distinction in Mandarin, CenFreq is widely used to measure
their realizations as well [12, 16, 5].
For each sibilant, the frication part was manually
labeled at zero-crossing boundaries. We then took a
30 ms spectral slice in the middle of each frication.
Given that the realization of aspirated affricates includes aspiration, the middle part of an aspirated affricate could potentially coincide with aspiration. To
prevent this, the 30 ms spectral slice of the two as-

2.2. Materials and procedure

Thirty dental/retroflex-initial Mandarin words (fifteen each) were selected. Eight of the words start
with fricatives (/s/ or /ù/), ten start with affricates
(/ts/ or /tù/), and twelve start with aspirated affricates
(/tsh / or /tùh /). Moreover, thirteen words have their
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Figure 3: Geographical variation of Min fluency.

nal scale, which gradually increases from the north
to the south. This pattern of results confirms that
speakers in the south speak Min more fluently than
speakers in the north [10].
For Min frequency of use, we fitted another ordinal GAMM with the same predictors. However, neither the effect of gender, nor the effect of geographical location reached significance in this model. We
suspect that the absence of the geographical effect
is due to the fact that we collected the data in one
location (Taipei). This may have led to a similar frequency of Min use among our speakers.

3. RESULTS
In total 11,364 sibilant tokens were collected, with
repetitions included. The data of eight participants were excluded, because the corresponding geographical regions were outliers in the current data
set (six from Penghu, one from Kinmen, and one
from Taitung, see Figure 1). Tokens that were produced with too short frication, with wrong pronunciation, and with accompanying vocal activities were
excluded prior to analysis (about 4%). This left us
with a total of 10,616 sibilant tokens, 5,262 of which
are dentals and 5,354 are retroflexes.

3.2. Sibilant merging

To examine geographical effects on sibilant merging, we again used a GAMM. The residuals of a
canonical GAMM, however, violated the normality
assumption. We therefore used a quantile GAMM
[8] instead to relax such a restriction. We modeled the degree of sibilant merging by substracting the non-linear interaction between longitude and
latitude for dentals from the corresponding interaction for retroflexes. We added gender and vowel
context (rounded/unrounded) as fixed-effect control
variables. Finally, we included by-participant and
by-word random intercepts into the model.
The model revealed significant effects for both
gender and vowel context (gender: p < .001; vowel
context: p < .0001). As expected, CenFreqs were
lower for males (due to longer vocal tracts). In
addition, the following rounded vowels also led to
lower CenFreqs (as lip protrusion lengthens the vocal tract). The interaction between gender and vowel

3.1. Min proficiency and frequency of use

We first examined whether our participants’ Min
proficiency and frequency of use follows the same
geographical distribution as described in previous
studies [1, 10]. As rating is a measure of ordinal
scale, we thus fitted an ordinal GAMM [3] to Min
proficiency ratings, with gender and the non-linear
interaction between longitude and latitude as predictors. Results showed that while the effect of gender
did not reach significance (p = 0.68), there was however a tendency suggesting the geographical effect
on Min proficiency (p = 0.058). As can be seen in
Figure 3, Min proficiency varies along the latitudi-
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4. GENERAL DISCUSSION
Taipei

This study investigated the geographical variation of
the merging between dental and retroflex sibilants in
Taiwan Mandarin. Different from previous studies
where only limited number of speakers and locations
were examined [17, 6], a larger group of speakers
from more evenly distributed geographical locations
was recruited for this study. In addition, by quantifying geography with longitude and latitude, we examined sibilant merging in a two-dimensional space.
Such a method provided us with a clearer picture of
how variation is distributed and propagated both vertically and horizontally.
One major finding of this study is that merging
variation is, to a large extent, independent of the
influence of Min: pronunciations of speakers with
a higher proficiency in Min do not necessarily undergo more extensive merging. Instead, the results
reported here suggest that the degree of merging is
strongly tied to urbanization. Generally speaking,
merging is relatively uncommon in urban areas, and
the degree of merging increases in the surrounding
suburban or rural regions. This result is reminiscent of Trudgill’s gravity model [22], which states
that the diffusion of a given linguistic change is dependent on population size. Thus change is usually
spread to big cities first and from there it gradually
diffuses to smaller ones. Although whether or not
sibilant merging originates in the big cities in Taiwan remains an empirical question, a diffusion pattern is clearly observed. The gravity model, however, does not explain why more merging is found
outside the cities, instead of inside the cities, as it
would have predicted that cities are the center of
variation and change.
One potential explanation for the current pattern
of results is provided by Auer and hinskens [2].
They noted that big cities are typically more ethnically and culturally diverse. Multi-dialectal interactions can speed up dialect leveling, sometimes leading to the formation of regional standard varieties.
Applying this idea to Taiwan Mandarin, it is possible
that a regional standard variety is currently developing in the big cities and that a more retroflexed (i.e.,
less merged) sibilant realization is one of its features. A clear prediction following from this hypothesis is that the geographical distribution of merging
variation should be sensitive to the age of speakers,
with an attenuated effect of urbanization for older
speakers as compared to younger speakers. To test
this hypothesis, future studies examining geographical effects on sibilant merging for speakers from different age groups are necessary.
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Figure 4: Geographical variation of sibilant
merging. The three red points indicate the city
centers of Taipei, Taichung, and Kaohsiung.

context was significant as well (p < .001), suggesting an asymmetrical lowering effect of the rounded
vowel context for male and female speakers.
Crucially, geographical location influenced sibilant merging to a considerable extent (p < .00001),
the effect of which is presented in Figure 4. With
the geographical effect of dentals being controlled
for, high CenFreqs (less retroflexed pronunciation)
of retroflexes indicate a higher degree of merging
(coded by warm colors), while low CenFreqs indicate a lower degree of merging (coded by cold colors). In contrast to the geographical pattern of Min
fluency (see Figure 3), merging does not increase
latitudinally. Instead, the degree of merging seems
to be determined more by the degree of urbanization.
In Figure 4, we mark the urban areas of the three
major cities (Taipei, Taichung, Kaohsiung). As can
be seen, the degree of merging is relatively consistent in the three urban areas. Outside these areas,
the merging situation is more variable. Generally
speaking, the degree of merging increases when one
moves away from the three metropolitan cities. The
only exception to this pattern of results is a decrease
of merging on the eastern side of Taichung (the blue
area in the center of Figure 4). A closer examination of the data revealed that to the east of Taichung,
there are only two female speakers, both of whom
happen to be very retroflexed speakers. One of them
is actually the most retroflexed speaker among all
our participants. It is thus suspected that the decreased merging in this area may primarily be driven
by speaker idiosyncrasy.
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ABSTRACT

occlusion of the vocal tract. Stop consonants have
three phases based on the movement of the articulators: closure, hold, and release. The movement of
the articulators results in formant transitions, which
are important cues for identifying the place of the
articulation of the stop consonant [3]. Stop consonants show a wide range of variability in natural
speech, often omitting, or only partially realising,
one of the above phases [17]. A 3D vocal tract simulation capable of modelling all aspects of stop consonant variability would be of considerable value for
controlled studies of their perception.
Stop consonants have been well studied using
one-dimensional (1D) simulations of the vocal tract.
For example [13, 14, 15] describe a 1D vocal tract
model based on vocal tract area functions derived
from MRI data. Stops in an intervocalic context
are implemented as a closing gesture local to the
occlusion location, superimposed on an underlying
vowel-vowel transition across the rest of the tract.
This approach has been found to appropriately reproduce the acoustics of stop consonant production.
An alternative system [2] uses a 3D model of the
vocal tract articulators, based on MRI data, to control a 1D vocal tract simulation. However, a true
3D simulation method offers opportunities for more
detailed study, particularly regarding acoustic phenomena not reproduced under the plane wave assumption inherent in 1D simulations.
An early study using a 2D dynamic DWM vocal
tract model [10] found that momentary occlusions
of the modeled tract produced stop-like sounds, in
particular /b/, but no systematic investigation into
the acoustics of the simulated stops was performed.
By combining the methods introduced in the above
studies with 3D acoustic simulations based on the
detailed vocal tract geometry, it is anticipated that
intelligible simulations of stop consonants can be
achieved. Existing 3D vocal tract airway models
lack a nasal tract or turbulence modelling, so this
study considers only the voiced English stops /b/, /d/
and /g/, which feature a closed velum and are identifiable without a turbulent burst [8]. Stops are sim-

Three-dimensional (3D) acoustic simulations of the
vocal tract are showing significant promise for the
study of speech acoustics. Recent models have
demonstrated dynamic behaviour, but currently only
vowels and sonorant consonants have been reproduced, limiting the applications of such models. We
present a method for producing voiced stop consonants in an intervocalic context, using a 3D digital
waveguide mesh (DWM) simulation based on magnetic resonance imaging data of the vocal tract. The
synthetic output demonstrates appropriate formant
transitions leading to several intelligible stop consonants. This method represents a step towards a complete phoneme inventory for 3D vocal tract models,
and demonstrates the suitability of the 3D DWM vocal tract model for the simulation of dynamic speech
elements. The proposed method also offers considerable opportunity for controlled perceptual study of
the acoustics of voiced stop consonants.
Keywords: speech synthesis, stop consonants, vocal tract modeling, digital waveguide mesh.
1. INTRODUCTION
Three-dimensional (3D) acoustic simulations of the
vocal tract, usually based on magnetic resonance
imaging (MRI) data, have appeared in the literature
over approximately the last decade (e.g. [12, 16, 1]).
These detailed models offer unparalleled opportunities for research into the physics of speech production and accurate simulation of speech. However,
many 3D vocal tract models are static, capable of
producing held vowels only. Although recent models have been shown to be capable of synthesizing
diphthongs and sonorants [6, 4], obstruents have not
yet been simulated, limiting the use of 3D simulations to the study of isolated phonemes. This paper
presents a method for synthesizing voiced stop consonants based on the 3D dynamic digital waveguide
mesh (DWM) vocal tract model presented in [6].
A stop consonant occurs when there is a complete
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Figure 1: Midsagittal profile from MRI data for
vowel /i/, showing the locations of superimposed
consonantal closures for /b, d, g/.

ulated in an intervocalic context using a 3D DWM
technique. A longer-term aim of this research is to
study the effect of varying model parameters on stop
consonant perception.
2. METHOD
2.1. MRI data collection

Volumetric MRI data was collected for one
phonetically-trained subject (female British English
speaker, age 28) in a GE 3T Signa Excite MRI scanner, with the following parameters: 3D GRE sequence, TR 4.736ms, TE 1.68ms, FA 5◦ , 80 contiguous 2mm sagittal slices with no gap. This resulted
in a 16 second scan time. All static British English
phonemes were captured and this study uses data for
the vowels /i/ and /a/ and the hold phases of stop
consonants /b/, /d/, /g/. Due to scan time limitations,
it was not possible to obtain MRI data for stops in
vowel-specific contexts, so the scan subject was instructed to produce them in a ‘neutral’ (schwa) context. It was shown in [15] that consonant constrictions can be implemented as a localized constriction
on a vowel-vowel articulatory transition in a 1D vocal tract model. This study tests this approach with
3D volumetric data, superimposing the closures for
/b/, /d/ and /g/ upon the vocal tract shapes for the
vowels, as illustrated for /i/ in Figure 1.
The MRI data were segmented using the automatic region growing algorithm in itk-SNAP [18]
and hand-corrected to remove leakage into surrounding tissues. An additional scan capturing the
teeth was used to remove teeth from the segmentations using a method similar to that of [19]. The
segmentations were converted to 3D Cartesian grids,
following [6], to permit DWM modelling.

tween different impedance ‘maps’ over the course of
a simulation, dynamic movement of the vocal tract
is simulated. A source signal representing the glottal flow waveform is added sample-by-sample at a
mesh location corresponding to the physical location of the glottis, and the output sound pressures
are recorded at a mesh location corresponding to a
microphone position close to the mouth, to obtain a
synthetic speech waveform.
2.3. Articulation

Articulation in the DWM simulation is modeled by
interpolating between impedance maps. Simulating /ibi/, for instance, would require two impedance
maps—one each for /i/ and /b/—and at any time
sample, the impedance values throughout the domain will be some weighted combination of these.
As a result, rather than true articulator movement
during a transition, any location where the articulator has been or will be takes on an intermediate impedance value. This non-physical behaviour
has been shown to produce perceptually-acceptable
diphthongs in [6], but its applicability for obstruents is not yet known. The time-dependence of the
weights is described by a transition vector varying
between 0 (vowel) and 1 (stop; i.e. a complete occlusion of the vocal tract).
In [2], the transition vector between one set of vocal tract articulator positions and another is given as
a sigmoid function. However, because the articulator approaches a ‘virtual target’ beyond vocal tract
boundaries, the airway closure is not released until
almost halfway through the gesture. Since the proposed model considers transitions between airway

2.2. The DWM model

The digital waveguide mesh (DWM) is a multidimensional numerical acoustic modeling technique,
previously demonstrated for vocal tract modelling in
[10, 12, 6], with [10] and [6] introducing a dynamic
DWM vocal tract model in 2D and 3D respectively.
The 3D dynamic DWM approach models the vocal tract as part of a cuboid domain comprising a
Cartesian mesh of short interconnected waveguides.
Acoustic pressures are propagated throughout this
domain during a simulation, and acoustic scattering
takes place where acoustic impedance (Z) changes.
Each waveguide is assigned a Z value corresponding to air (Zair = 399 Pa s m−3 ) or surrounding tissue
(Ztissue = 83666 Pa s m−3 ), based on its equivalent
location in the MRI data [6]. By interpolating be-
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Figure 2: Transition (top) and source amplitude
(bottom) vectors for 3D dynamic DWM simulation of VCV utterances.

3. RESULTS
Spectrograms for the simulated /b, d, g/ in each context /i, a/ are shown in Figure 3 (pre-emphasis applied). The stops have an onset duration (t2 − t1 ) of
50ms, a closure duration (t4 − t2 ) of 80ms, a VOT
(t3 − t4 ) of -20ms and an offset duration (t5 − t4 )
of 80ms. These parameters are within published
ranges for stop consonants and were found to provide acceptable results across all vowel/stop combinations, although different parameter combinations
were more suitable for certain VCVs. Audio examples are available at [7]. Impressions from informal
listening are given below, but full perceptual testing
is planned for the near future.
Simulations for /b/ (left column of Figure 3) show
the decrease in F2 characteristic of a bilabial stop
in both vowel contexts, with the decrease particularly significant for in the /i/ context given the high
vowel F2. The audio data supports this, with /b/ intelligible in both vowel contexts. Simulations for /g/
are illustrated in the right column of Figure 3. An
appropriate F2 transition, and a clear F3 transition,
are demonstrated for /aga/, leading to an audible /g/
sound. Almost no transition is visible for /igi/, perhaps owing to the already high F2 for /i/, and a /g/
is not reliably perceived. Finally, simulations for /d/
are shown in the centre column of Figure 3. The
F2 transition for /idi/ is similar to that for /ibi/ albeit
slightly shorter, and for /ada/ the second formant decreases rather than increasing as expected. As a result both of these stops sound like /b/ rather than /d/.
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shapes not articulator positions, the transition vector
uses a quarter wavelength sine function to approximate the resulting airway shape transition, as illustrated in Figure 2. This results in abrupt transitions
at T = t2 and T = t4 where the occlusion is formed
or released by the action of the moving articulators.
2.4. Voice Source

The dynamic 3D DWM vocal tract model makes use
of a source signal approximating the glottal flow (in
this case the Rosenberg pulse [11]), which is input
at a location in the model equivalent to the physical position of the larynx [6]. The pitch contour
of the source signal is obtained from recordings of
the MRI subject’s speech averaged across VCV utterances. Jitter and shimmer are also added to the
source signal to improve naturalness.
Since the simulation method does not currently
feature interaction between the vocal tract and the
voice source, the amplitude of the source signal is
adjusted in conjunction with the transition vector,
to mimic the natural onset and offset of phonation
caused by the tract occlusion. As a result, it is possible to precisely control voice onset time (VOT)—
the duration between the release of the closure and
the onset of phonation—which is another important
acoustic cue for stop consonants [9]. An example
source amplitude envelope, demonstrating a negative VOT, can be seen in Figure 2.
The combination of articulator positions, transition timings and VOTs are expected to result in intelligible simulated VCV utterances. The next section
presents the results of these simulations.

4. DISCUSSION
The successful simulations of /ibi/, /aba/ and /aga/
demonstrate that the 3D dynamic DWM vocal tract
model is capable of synthesizing acceptable stop
consonants. This is particularly encouraging given
the non-physical nature of phoneme transitions using the current method (as described in Section
2.3). Furthermore, this suggests that superimposing
a consonant closure upon the vocal tract shape for a
vowel is valid even in 3D simulations, providing further support to the hypothesis that articulators not
directly involved in the occlusion have limited impact upon the acoustics of the resulting consonant,
as previously demonstrated in 1D [14].
In both vowel contexts, the simulations of alveolar stops have formant transitions more appropriate for bilabials, and indeed were perceived as such.
This indicates that the timing parameters were appropriate for a stop, but the occlusion was sufficiently advanced to appear bilabial. This may be due
to the underlying MRI data, as overcompensation for
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Figure 3: Spectrograms for simulated VCV utterances with t2 −t1 = 50ms, t4 −t3 = 20ms, t5 −t4 = 80ms. Vowels
extend for 200ms either side of consonant closure but are cropped for clarity.
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the effect of gravity while supine in an MRI scanner
has previously been observed in e.g. [5], resulting in
an advanced tongue position. Hyperarticulation is a
natural consequence of holding articulations for an
MRI scan [5], but a 16-second hold phase is particularly unnatural and may inherently result in a vocal
tract shape that differs from that of normal speech.
It is also probable that limitations of the simulation
method, described in [6], such as having a single
high value for the vocal tract wall impedance, or the
non-physical phoneme transitions described above,
contribute to erroneous formant transitions.
The absence of a burst at the release of the stop
does not appear to have been necessary for the perception of /ibi/, /aba/ and /aga/, but may be another
factor affecting the identification of the alveolar consonants. Work on the simulation method is ongoing, to address the flow issue among other improvements. Furthermore, the optimum transition and
source amplitude vectors will have subtly different
shapes for each place of articulation, which may also
provide cues to place of articulation.
The major strength of the 3D vocal tract modeling approach is that the user has fine-grained control over the geometry of the vocal tract airway once

0.4

0.2

0.3
Time (s)

0.4

the model has been created. In addition to distance
from the glottis, degree, length, and skewness of a
constriction, as used in 1D models [14], it is possible to exert precise control over all aspects of the
closure. Furthermore, transition vectors can be defined for different parts of the vocal anatomy independently. Upcoming work will make use of this
flexibility to explore the impact of different closure
shapes upon the perception of stop consonants.
5. CONCLUSION
This paper has presented evidence that 3D acoustic
simulations of the vocal tract are capable of producing acceptable voiced stop consonants, representing
a step towards a full phoneme inventory for such
models. Future work will involve detailed study of
the impact of changes in timing and articulation parameters on stop consonant perception.
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ABSTRACT
This study investigates the effects of web-based high
variability phonetic training (HVPT) on the
development of L2 coda identification.
45 Mandarin learners of Korean were randomly
assigned to receive coda-focused or vowel-focused
training (both of which contained identical auditory
input), or no training. Performance was assessed
using an identification task before and after training,
and a generalization test after training.
The results demonstrate that the training groups
overall improved their perception of Korean codas
compared to the no-training group at post-test,
suggesting that L2 learners benefit from online HVPT.
Between the two training groups, the coda-focused
group performed significantly better than the vowelfocused group. This finding indicates that perception
training for L2 sounds can lead to greater
improvement when learners are consciously aware of
their target sounds than by passive exposure to the
target sounds. It was also found that learning effects
gained from HVPT can be successfully transferred to
new phonetic contexts.
Keywords: High variability phonetic training,
identification task, trained vs. untrained L2 codas
1. INTRODUCTION
A vast literature has reported that adult second
language (L2) learners have difficulty perceiving and
producing non-native sounds. In this regard, there has
been a great deal of interest in developing perceptual
training methods and examining to what extent adult
L2 learners can improve their perception and
production of L2 sounds. Specifically, it has been
found that L2 learners can benefit from high
variability phonetic training (HVPT) in improving
their perception and production of L2 speech sounds
[1, 3, 4, 9, 11, 17]. The HVPT method proposed by
Logan et al. [11] uses multiple voices to provide
natural phonetic variability within a phonetic
category so that L2 learners are able to detect crucial
phonetic cues associated with target sounds as well as
cues relevant to their category identification. As a
result of HVPT, it was also found that L2 learners
who receive training are able to generalize their
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learning to untrained speech materials [1, 3, 4, 9, 11,
17].
Previous HVPT studies have been mostly
laboratory-based, where the learners participate in
training in a controlled condition while being
monitored by the experimenter. The current study
examines whether positive effects can also be
observed in web-based training, where the learners
can complete the training sessions at a time, location,
and pace of their own choice. Developing online
HVPT for this study was motivated by meta-analytic
review of 25 years of perception training research by
Sakai and Moorman [16], who reported that the
location of training encourages greater gains when
completed at home versus in the laboratory.
In terms of the effectiveness of L2 instruction,
Norris and Ortega [13] demonstrated that explicit
types of instruction are more effective than implicit
types. However, recent studies have found that adult
learners can acquire new category contrasts through
passive exposure to distributional patterns in the
learning input [6, 7, 8]. The current study compares
the relative effectiveness of explicit and implicit
instruction in L2 perception.
The meta-analysis of L2 pronunciation reported
by Lee et al. [10] showed that 97% of the training
studies analyzed English as a first or target language.
In order to determine how HVPT works among the
diversity in language learning, it is imperative to
increase the range of languages. Extending previous
research, therefore, the current study examines how
Mandarin learners of Korean improve their
perception accuracy of Korean codas through two
types of web-based identification HVPT.
This study addresses the following specific
questions:

1. To what extent do Mandarin L2 learners
improve their perceptual accuracy in
identifying Korean codas as a result of online
HVPT?

2. Do different types of HVPT (coda-focused vs.
vowel-focused) affect outcomes of L2 coda
perception differently, even when the same
L2 input is used?

Table 1: Design of the study.

3. Can learning effects gained from HVPT be
successfully transferred to novel stimuli?

Phase

2. METHOD
2.1. Participants

45 native Mandarin speakers (39 females, 6 males,
mean age = 20.7 years old, SD = 2.3 years) who were
enrolled in beginner Korean language courses
participated in the experiment. They were randomly
assigned to one of the three groups: coda-focused
training, vowel-focused training and no training (n =
15 per group). The coda-focused group was trained to
identify Korean codas, while the vowel-focused
group was exposed to the same input as the codafocused group, but instead participated in a vowelidentification task, in order to direct their attention to
vowels. Crucially, this design allowed us to maintain
equivalent training input and time between the two
training conditions, while differing only the type of
training. The no-training group acted as a control
group. For their participation, each member of the
training groups was paid $65 (CAD), and each
member of the no-training group was paid $25 (CAD).
None of the participants reported hearing
impairments.
2.2. Experimental design

The current study consisted of four phases: (1) a
pre-test, (2) online training, (3) a post-test and (4) a
generalization test. All tests and training involved the
same identification task utilizing the full sets of
Korean codas and vowels as suggested by Nishi and
Kewley-Port [12], who found that training larger sets
of phonemes demonstrated greater gains than training
only the most difficult subset of phonemes.
Participants individually participated in pre-, postand generalization tests built in PsychoPy [14].
Participants were given no feedback regarding the
accuracy of their responses for the tests. Online
training was programmed with jsPsych, which is a
JavaScript library for running experiments in a web
browser [5].
Between the pre- and post- test, the two training
groups completed eight online training sessions in a
comfortable setting over a 2-week period. Each
session was self-paced and typically took between
fifteen and twenty minutes to complete. Immediate
feedback was provided after each token indicating
whether their answer was “correct” or “incorrect”. If
incorrect, they had to try again until they gave a
correct response. Other than the different response
choices (coda vs. vowel), all aspects of the
experimental design, including input and feedback,
were identical between the two training groups. Table
1 summarizes the design of this experiment.

Group

Feedback

Platform
& location
Pre-test
All
No
PsychoPy
groups
in the lab
Training
CODA,
Yes
jsPsych
VOWEL
online
Post-test
All
No
PsychoPy
groups
in the lab
GeneralizCODA,
No
PsychoPy
ation
NONE
in the lab
Note. CODA = Coda-focused group, VOWEL =
vowel-focused group, NONE = No-training group.
2.3 Stimuli

Pre-test, post-test and training stimuli contained 49
monosyllabic CVC words in which the initial
consonant was /h/, the vowel was one of the seven
Korean vowels /a e i o u ɨ ʌ/, and the final consonant
was one of the seven codas /t k p n m ŋ l/. In the
generalization task, the stimuli consisted of Korean
CVC words in which the initial consonant was /k/.
The stimuli for the online training were recorded
by four native Korean speakers (2 females, 2 males)
for a total of 196 tokens (49 stimuli * 4 speakers) to
create a high-variability training condition. The
stimuli for the pre-, post- and generalization tests
were recorded by two native Korean speakers (1
female, 1 male, 98 tokens = 49 stimuli * 2 speakers).
These speakers were different from the training
stimuli speakers to ensure that the perception
improvement gained in the training would not be
specific to the tokens or speakers that the learners
were exposed to in the training, but rather the
improvement, if any, would be more general.
2.4. Procedure

The participants were instructed to listen to words
through headphones and were asked to identify the
stimulus that matched one of seven visual targets
presented in Hangul, the Korean alphabet, on a
computer screen by pressing the corresponding
number from 1 to 7 on the keyboard. For example,
participants in the coda-focused group heard [han]
and were asked to identify what the coda was (target
response: <n>), while the vowel-focused group was
asked to identify the vowel (target response: <a>)
during online training. Participants had to press one
of the seven options before the next stimulus was
presented.
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Figure 1: Identification task in pre-test, post-test,
online training and generalization test.

Korean vowels

Korean codas

2.4. Statistical analysis

The perception performance of Korean codas was
assessed using a mixed-effects logistic regression
model with the lme4 package [2] in R [15]. The
dependent variable was whether the response was
correct or incorrect. As fixed effects, we included
GROUP (coda-focused, vowel-focused, or no training)
and TEST (pre-, post-, or generalization test) and their
interaction. TEST was dummy-coded and GROUP was
Helmert-coded to (i) compare the explicit and implicit
training groups and (ii) compare training groups
against the no-training group. As random effects, we
had intercepts for subjects and items, as well as a bysubject random slope for TEST and by-item random
slopes for TEST and GROUP.
3. RESULTS AND DISCUSSION

improved significantly compared to the no-training
group (β = 0.368, z = 2.410, p = 0.015), which
suggests that training groups yielded significant
improvement as a result of online HVPT. This
positive effect of web-based HVPT is consistent with
previous studies of laboratory-based HVPT [1, 3, 4, 9,
11, 17].
In addition, there was a significant difference in
identification improvement between the two training
groups (β = 0.651, z = 3.651, p = 0.001), showing that
the coda-focused training was more effective than the
vowel-focused training in improving perception of
Korean codas. This finding indicates that different
types of training on L2 sounds lead to different
degrees of improvement. More specifically, the codatrained group significantly improved their Korean
coda perception from the pre-test to the post-test (by
approximately 10%), whereas the vowel-trained
group, which was only passively exposed to Korean
codas, had less improvement of coda perception
(approximately 3%). These results provide promising
evidence that perception training of L2 sounds is
more effective through deliberate listening with
feedback than through passive exposure.
3.2 Development of L2 coda perception during online
HVPT

Figure 2 shows the pre- and post-test results before
and after the web-based training for each group.

Figure 3 presents a visual illustration of the codafocused group’s degree of improvement in Korean
coda perception accuracy from session 1 to session 8
of online HVPT.

Figure 2: Boxplots of identification accuracy for
Korean codas at pre-test (white boxes) and post-test
(grey boxes) after eight training sessions by group.

Figure 3: Coda-focused group’s development of
Korean coda identification accuracy during eight
training sessions.

As seen in Figure 2, at pre-test, the three groups did
not differ significantly in the identification scores of
Korean codas (two training groups vs. no-training
group: β = -0.225, z = -1.024, p = 0.305, coda-focused
group vs. vowel- focused group: β = 0.003, z = 0.014,
p = 0.989), indicating that participants had similar
proficiency in perceiving the target sounds before
they received training.
There were significant interactions between TEST
and GROUP. The two training groups as a whole

Overall, there was a significant increase in perception
accuracy of Korean codas between session 1 and
session 3, followed by a stable upward trend across
the remaining sessions. This might be due to the fact
that immediate feedback was helpful for L2 learners
in noticing their errors and shifting attention to
relevant acoustic cues to improve the ability of
identification of their target sounds during HVPT.

3.1 Effects of online HVPT on L2 codas
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3.3 Generalization effects of HVPT

Figure 4 illustrates the degree to which L2 learners
who received explicit coda training can generalize
their newly acquired knowledge to new items. In
other words, it shows whether learning from the
/hVC/ context during HVPT can be successfully
transferred to the /kVC/ context in the generalization
test.
Figure 4: Boxplots of identification accuracy for
Korean codas at pre-test (white boxes), post-test
(grey boxes) and generalization test (dark grey
boxes) by group.

As shown in Figure 4, there was no significant
difference in perception accuracy between the codafocused training and no-training group at pre-test (β
= -0.19206, z = -0.948, p = 0.343). However, for the
generalization test, a statistically significant
difference in perception improvement between the
coda-trained and no-training group was found (β =
0.994, z = 4.596, p < 0.001). This finding reveals that
the
coda-trained
group
made
significant
improvements in the identification of new phonetic
contexts from pre-test to generalization test, while the
no-training group showed no change. In particular,
the coda-trained group showed improved
identification accuracy from pre-test (79.5%) to posttest (88.6%), and this increase in performance was
maintained for the test of generalization (88%), while
the no-training group did not show a significant
increase from pre- to generalization test (β = -0.02035,
z = -0.080, p = 0.936). That is, exposing learners to
high-variability L2 input allows them to attend to
relevant cues for category identification, and this
acquired knowledge can be transferred to the
perception of novel stimuli.
4. CONCLUSIONS AND FUTURE RESEARCH
In this study, we examined the effect of online HVPT
and compared the type of training on the perception
of Korean codas by Mandarin learners of Korean. In
HVPT, both the coda- and vowel-focused groups
were trained during eight online sessions in a
comfortable setting to identify target sounds
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produced by multiple talkers. We found that
performance significantly differed between the
experimental groups and the no-training group
indicating that online HVPT training can result in
significant development in the perception of L2 codas.
It was also found that the improved perception gained
in online HVPT identification training can generalize
to new phonetic contexts.
Most importantly, between the two types of
language training, the coda-focused training was
substantially more advantageous than the vowelfocused training, even though participants were
exposed to the same phonetic input during training.
Thus, this study suggests that the two training
conditions affect perception of non-native sounds
differently. Identification of L2 sounds can be better
improved with exposure and directed attention to the
target input sounds than with passive exposure to the
target sounds.
In future studies, different language proficiency
levels will be included to explore whether HVPT can
play a significant role in L2 acquisition not only for
beginner learners but also for advanced learners. In
addition, we will look at production of Korean codas
before and after HVPT to examine the relationship
between perception and production in L2 acquisition.
5. REFERENCES
[1] Aliaga-García, C., Mora, J. C. 2009. Assessing the
effects of phonetic training on L2 sound perception and
production. Recent research in second language
phonetics/phonology: Perception and production 231.
[2] Bates, D., Maechler, M., Bolker, B., Walker, S.,
Christensen, R. H. B., Singmann, H., Dai, B.,
Grothendieck, G. 2017. lme4 package, version 1.1–13
[Computer software].
[3] Bradlow, A. R., Akahane-Yamada, R., Pisoni, D. B.,
Tohkura, Y. I. 1999. Training Japanese listeners to
identify English /r/ and /l/: Long-term retention of
learning in perception and production. Perception &
psychophysics 61(5), 977-985.
[4] Bradlow, A. R., Pisoni, D. B., Akahane-Yamada, R.,
Tohkura, Y. I. 1997. Training Japanese listeners to
identify English /r/ and /l/. IV: Some effects of
perceptual learning on speech production. The Journal
of the Acoustical Society of America 101(4), 2299-2310.
[5] De Leeuw, J. R. 2015. jsPsych: A JavaScript library for
creating behavioral experiments in a Web
browser. Behavior research methods 47(1), 1-12.
[6] Escudero, P., Benders, T., & Wanrooij, K. 2011.
Enhanced bimodal distributions facilitate the learning
of second language vowels. The Journal of the
Acoustical Society of America 130(4), EL206-EL212.
[7] Escudero, P., Williams, D. 2014. Distributional
learning
has
immediate
and
long-lasting
effects. Cognition 133(2), 408-413.
[8] Hayes-Harb, R. 2007. Lexical and statistical evidence
in
the
acquisition
of
second
language
phonemes. Second Language Research 23(1), 65-94.

[9] Iverson, P., Evans, B. G. 2009. Learning English
vowels with different first-language vowel systems II:
Auditory training for native Spanish and German
speakers. The Journal of the Acoustical Society of
America 126(2), 866-877.
[10] Lee, J., Jang, J., Plonsky, L. 2014. The effectiveness
of second language pronunciation instruction: A metaanalysis. Applied Linguistics 36(3), 345-366.
[11] Logan, J. S., Lively, S. E., Pisoni, D. B. 1991. Training
Japanese listeners to identify English /r/ and /l/: A first
report. The Journal of the Acoustical Society of
America 89(2), 874-886.
[12] Nishi, K., Kewley-Port, D. 2007. Training Japanese
listeners to perceive American English vowels:
Influence of training sets. Journal of Speech,
Language, and Hearing Research 50(6), 1496-1509.
[13] Norris, J. M., Ortega, L. 2000. Effectiveness of L2
instruction: A research synthesis and quantitative meta‐
analysis. Language learning 50(3), 417-528.
[14] Peirce, J. W. 2007. PsychoPy—Psychophysics
software in Python. Journal of Neuroscience Methods
162, 8-13.
[15] R Core Team 2017. R: A language and environment
for statistical computing. Vienna, Austria: R
Foundation for Statistical Computing.
[16] Sakai, M., Moorman, C. 2018. Can perception training
improve the production of second language phonemes?
A meta-analytic review of 25 years of perception
training research. Applied Psycholinguistics 39(1),
187-224.
[17] Thomson, R. I. 2011. Computer assisted
pronunciation training: Targeting second language
vowel perception improves pronunciation. Calico
Journal 28(3), 744.

486

MODERN SPEECH SYNTHESIS FOR PHONETIC SCIENCES:
A DISCUSSION AND AN EVALUATION
Zofia Malisz1 , Gustav Eje Henter1 , Cassia Valentini-Botinhao2 , Oliver Watts2 ,
Jonas Beskow1 , Joakim Gustafson1
1 KTH

Royal Institute of Technology, Stockholm, Sweden, 2 The University of Edinburgh, UK
{malisz, ghe, beskow, jkgu}@kth.se, {cvbotinh, owatts}@inf.ed.ac.uk

ABSTRACT

offered control over single-cue variability limiting confounds, making it viable to assess listeners’ sensitivity to
a particular acoustic cue in isolation.
Arguably, control over numerous meaningful, relatively low-level signal properties such as pitch, VOT, etc.
has been the central feature of rule-based formant synthesis (henceforth: classical speech synthesis) in phonetic
research. Conversely, the inability of concatenative signal generation methods to create a continuum of acoustic cues in response to input control has excluded these
from much such research. The one notable exception
is MBROLA [8], which uses a waveform-modification
technique similar to PSOLA [25] to allow control of
pitch and duration given a sequence of allophones to
speak. Applications include speech distortion and delexicalisation, empirical paradigms where cues to particular structures, such as prosody, are removed.
TTS continues to provide tools and heuristics for
the everyday phonetic business (stimuli creation) but it
also offers whole modelling frameworks used for testing
phonological models (analysis by synthesis) [41, 5].
Unfortunately, the many differences in human perception between natural and classical synthesised speech
have cast doubt on the universality of research findings
reliant on synthetic speech [15]. Classical synthesis has
proven to be generally less intelligible and to overburden
attention and cognitive mechanisms resulting in slower
processing times [7]. Winters & Pisoni [39] present a
comprehensive review of such effects and explain them
by showing that stimuli from formant synthesis are “impoverished” in terms of perceptual cues.

Decades of gradual advances in speech synthesis have recently culminated in exponential improvements fuelled
by deep learning. This quantum leap has the potential to
finally deliver realistic, controllable, and robust synthetic
stimuli for speech experiments. In this article, we discuss these and other implications for phonetic sciences.
We substantiate our argument by evaluating classic rulebased formant synthesis against state-of-the-art synthesisers on a) subjective naturalness ratings and b) a behavioural measure (reaction times in a lexical decision
task). We also differentiate between text-to-speech and
speech-to-speech methods. Naturalness ratings indicate
that all modern systems are substantially closer to natural
speech than formant synthesis. Reaction times for several modern systems do not differ substantially from natural speech, meaning that the processing gap observed in
older systems, and reproduced with our formant synthesiser, is no longer evident. Importantly, some speech-tospeech methods are nearly indistinguishable from natural
speech on both measures.
Keywords: Speech synthesis, scientific methodology,
speech technology
1. INTRODUCTION
The artificial modelling of human speech depends on
an ongoing dialogue between phoneticians and engineers. Indeed, speech science helped synthesis get started
[18]: phonetics was instrumental in speech processing and engineering in the formant synthesis age, when
data was sparse and modelling took place in wetware
rather than software. Likewise, in today’s data-driven
speech technology with algorithms and machine learning, perception-based modelling, such as the mel scale,
is standard. Also, advanced evaluation methods crossed
over from perceptual phonetics to text-to-speech (TTS)
and benchmark TTS robustness and precision.
As in any dialogue, the influence is reciprocal. Milestones in phonetic sciences, such as evidencing categorical speech perception, were reached with the use of synthetic sound continua [21]. Consequently, theoretical advances such as the motor theory of speech perception [20]
or acoustic cue analysis were made possible by experiments with synthetic stimuli. Natural speech contains redundant and residual cues to place of articulation which
are difficult to exclude in, e.g., manipulation of formant
transitions using natural speech [3]. Synthetic stimuli

2. WHAT CAN MODERN SYNTHESIS DO?
Having pointed out some of the traditional uses, benefits,
and drawbacks of using classical synthesis in phonetic
research, we now discuss how modern speech synthesis (statistical parametric and end-to-end TTS approaches
plus neural vocoders) can address these points in terms
of output control and realism. We also consider the resources needed for state-of-the-art performance. The discussion is closely tied to the overview of speech technology for phonetic research presented in Figure 1.
2.1. Control

The vast majority of synthesis systems have an input that
allows control over the phoneme sequence expressed by
the system. The input can be either text or phones (like
in text-to-speech) or speech (like in voice conversion).
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Figure 1: A unifying view of speech representations (capital letters), optional transformations (horizontal arrows), and controllable manipulations (vertical arrows). The main inputs are shown on shaded backgrounds. The representation axis along the
bottom shows the domains and abstract-to-concrete ordering of common speech representations.
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These key inputs are shown shaded in Figure 1. The input
is then transformed between different intermediate representations by processing steps (arrows in the figure) to
eventually produce a speech output waveform. However,
a phonetician often requires the ability to manipulate additional aspects of the output at various levels of abstraction. Such controllable manipulations are illustrated by
squiggly vertical arrows in Figure 1.
Recent speech technology solutions concentrate on
learning rather than designing methods for speech output control. Hence, the manipulation arrows in Figure
1 are realised through mappings learned by supervised
machine learning. In principle, this enables control of arbitrary concepts that are hard to define acoustically, such
as speaker identity, age, and gender [23], emotional state
[12], and prosodic prominence [24]. These approaches
can easily be adapted to learn to control other characteristics such as formant frequencies.
There are no guarantees that a particular type of control
is learnable, although the listed successes suggest great
potential for speech perception applications. Additionally, learned control can be made more precise by including a human in the loop who adjusts the control inputs
until the output is satisfactory, as seen in Figure 1.
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decision trees in TTS [17]. Replacing decision trees with
neural networks subsequently improved the rated speech
quality of these systems [38].
Since 2016, important breakthroughs have come from
introducing deep learning for generating audio waveforms, i.e., neural vocoders like WaveNet [26], and for
analysing text input (Tacotron [36]). These innovations have radically increased the mean opinion score
(MOS) quality ratings of text-to-speech [31] and speechto-speech [22]. The best results tend to come from simultaneously learning to perform as many processing steps
as possible, known as end-to-end synthesis (cf. Figure 1).
Speech waveforms have a much higher information
rate than text, since they also express speaker and channel properties, emphasis, and so on. To generate speech
signals from text requires filling in missing information
as one progresses along the representation axis in Figure 1. This is not easy, and realism is oftentimes higher
when stimuli are generated from high-rate speech audio
input (like voice conversion) rather than low-rate text input (like TTS). Perhaps for this reason, speech-in-speechout (SISO) pipelines tend to be more prevalent than textin-speech-out (TISO) pipelines in phonetic research. Hybrid approaches combining speech and text input (both of
the shaded boxes in Figure 1) can be used to compensate
for TTS weaknesses, e.g., by imposing prosodic characteristics extracted from natural speech onto TTS [11, 33].

2.2. Realism

Improving the realism of the generated output is of prime
concern for applications in speech research to avoid the
issues listed in [39]. However, it is difficult to exhaustively define the necessary cues to make synthesis realistic, e.g., natural, easily intelligible, and specific to a given
speaker. Substantial advances in realism have therefore
come from improved signal processing and, particularly,
from including ever more machine learning and statistical
modelling into the speech processing steps (the various
arrows in Figure 1). Intelligibility in quiet, a prominent
issue with formant synthesis [39], has been on par with
natural speech since the era of hidden Markov models and

2.3. Resource needs

Modern synthesis methods leverage learning to improve
from increased resources, such as speech recordings, annotation, and computation power. Massive computational
resources were a pre-requisite for breakthroughs such as
WaveNet [26] and Tacotron 2 [31]. This performance
scaling contrasts with classical speech synthesis and manipulation methods based on explicit modelling, which
do not improve with additional resources.
However, the trade-off between results and resources
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can be circumvented. Modern systems can mimic new
speaker voices from limited adaptation data [23, 16], removing the need to record full TTS corpora for each new
speaker. Extending these capabilities to under-resourced
languages and language varieties seems possible, given
more research into multilingual synthesis technology.
Speech technology trends that push towards making
data and code fully available, and the dropping cost of
computation, inspire confidence that resources will not be
a limiting factor in the future. As done in image and text
processing, speech technologists could share pre-trained
controllable synthesis systems to facilitate wider adoption of these methods for phonetic research.

Table 1: System labels, input and output feature types,
modelling paradigms, and signal generation methods
for the systems compared in this study. Inputs and outputs are SI: speech in, TI: text in, SO: speech out.

System
NAT
VOC
MERLIN
GL
DCTTS
OVE

Type
SISO
TISO
SISO
TISO
TISO

Paradigm
Natural
Copy synthesis
Stat. parametric
Copy synthesis
End-to-end
Rule-based

Signal gen.
Vocal tract
MagPhase
MagPhase
Griffin-Lim
Griffin-Lim
Formant

DCTTS Text-to-speech using deep convolutional networks as in [34] with Griffin-Lim signal generation. Like
Tacotron [36], DCTTS is closer than Merlin to full endto-end speech synthesis. Tacotron-like systems combined
with neural vocoders can produce highly realistic speech
output [31], surpassing all other TTS paradigms. Similar to [33, 37], instead of graphemes, we used Combilex
phonetisations of words as input, retaining punctuation
to enable synthesising more appropriate intonation. For
accurate pronunciation, DCTTS was trained both on our
speaker and on about 11,600 utterances from another English speaker from [19]. The last network in the model
was fine-tuned to adapt to the target voice.
OVE The multilingual rule-based formant TTS system [4] (OVE III), implemented as a Tcl module by [32]
and configured to use a male RP British English voice.
This system is representative of research-grade formantbased TTS. Unlike other systems, OVE permits optional
prosodic emphasis control of individual output words.

3. COMPARATIVE PARADIGM EVALUATIONS
We now describe an experiment to assess the decreased
perceptual difference between natural speech and modern
synthesis, relative to the differences described by Winters
& Pisoni [39] for classical synthesis. We, therefore, compare classic synthesis (as a baseline) and modern synthesisers in terms of listener ratings and listener behaviour.
This evaluation focuses on building TISO and SISO systems with realism levels representative of what can be
achieved by open code and databases with modest computation, leaving pronunciation/output control as future
work along with resource-demanding neural vocoders.
Our test stimuli, anonymised responses, and analysis
scripts can all be found at doi.org/10.7488/ds/2520.
3.1. Data for training and evaluation

We used a male RP British English speaker recordings
[6], available at doi.org/10.7488/ds/2482, downsampled
to 16 kHz using sox -r 16k. This data contains ca.
2000 sentences for system building, plus 720 Harvard and
300 modified rhyme test (MRT) utterances, detailed in
Section 3.4, that we set aside for evaluations.

3.3. Subjective rating experiment

To assess realism we use a setup closely resembling
the ITU standard MUSHRA [14] (MUltiple Stimuli with
Hidden Reference and Anchor). This test presents listeners with randomly ordered, unlabelled, parallel stimuli
from different systems all speaking the same text. Listeners rate the naturalness of each stimulus against a designated natural reference (here NAT). They can listen to the
stimuli in any order as many times as they like and adjust
their ratings until they are satisfied. These tests have been
found to resolve system differences better than traditional
MOS evaluations [27]. The MUSHRA rating scale from
0 to 100 was anchored by assigning the standard MOS
labels “Bad”, “Poor”, “Fair”, “Good”, and “Excellent” to
successive 20-point intervals along the rating scale.
The test used 20 native English-speaking listeners (students at the University of Edinburgh) with no known
hearing impairments. Listeners rated stimuli representing
the different systems speaking four sets of ten Harvard
sentences [30] (designed to be approximately phonetically balanced) and were remunerated for their efforts.
The box plot in Figure 2 visualises the 799 ratings for
each system analysed from the listening test. All pairwise system differences are statistically significant at the
0.01 level (p < 10−6 ) after Holm-Bonferroni correction
for multiple comparisons, using either paired Wilcoxon
signed-rank tests (for the median) or paired Student’s t-

3.2. Systems

We introduce the systems we evaluate below and in Table
1. All test stimuli were normalised to the same active
speech level using ITU P.56.
NAT Natural speech recordings held out from training.
VOC Copy synthesis (acoustic analysis followed by
re-synthesis) with the MagPhase vocoder [9]. MagPhase
is a high-fidelity signal generator that, for better quality,
retains both magnitude and phase spectrum information.
MERLIN Synthetic speech generated by the Merlin
TTS system [40] using the MagPhase vocoder. Specifically, this system uses feed-forward deep neural networks trained to predict F0, magnitude, and phase from
so-called linguistic features extracted from text using the
Festival [35] front-end with the Combilex [28, 29] RP
British English dictionary. This system represents stateof-the-art research-grade statistical parametric TTS.
GL Copy synthesis from magnitude mel-spectrograms
using the Griffin-Lim algorithm [10] for phase reconstruction. This is a classic technique from signal processing that has seen a resurgence with end-to-end systems as
a simple and fast baseline signal generator.
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Figure 2: Box plot of per-system MUSHRA ratings. 95% confidence intervals are shown for medians
(red box centre lines) and means (yellow diamonds).
Whiskers extend to cover 95% of all responses.

Table 2: Results of mixed-effects linear regression
modelling on log reaction times and the percentage of
incorrect responses in the lexical decision task.

System
NAT (ref.)
GL
VOC
DCTTS
MERLIN
OVE

100
90

Subjective rating

80
70
60
50
40

Est. (±std. err.)

p-value

-0.001 (±0.02)
0.02 (±0.02)
0.04 (±0.02)
0.02 (±0.02)
0.09 (±0.02)

= 0.94
= 0.33
< 0.01
= 0.14
< 0.001

Incorrect
2.6%
4.0%
2.5%
5.8%
3.0%
6.0%

30
20

investigation to include speech manipulation and neural
vocoders, and also consider more evaluation paradigms.
We expect that this will confirm our hypothesis that modern speech synthesis can improve on the utility of classic
phonetic research tools in many scenarios. While it is always an option to use formant synthesis if a quality of
“artificial” speech is desired for an experiment, it seems
that findings from synthetic stimuli that are as close as
possible to natural speech should generalise better to natural speech perception for most tasks.
An interesting short-term technological goal is to create neural vocoders that are controlled by formants,
phonological features, or other parameters frequently manipulated in phonetic research. This should permit speech
manipulations in both a SISO framework (like [5]) and
a TISO framework (like KlaTTStat [1]) while simultaneously improving realism. With enough resources, this
paradigm might theoretically even surpass the realism attained by PSOLA when manipulating pitch and duration.
The TISO approach would also benefit from end-to-end
learning to better predict the chosen vocoder parameters,
improving all aspects of the TISO pipeline.
More fanciful applications of synthesis technologies
can also be envisioned. Good neural vocoders trained
without any control input at all can generate highly realistic single-talker babble [26]. This seems like a promising
tool for work on de-lexicalised speech. Another application is the study of optional or paralinguistic phenomena that stem from unplanned processes, such as realistic hesitations, backchannels, or non-phonemic conversational clicks. As natural examples of such phenomena
are difficult to elicit from human speakers in empirical
designs, the ability to synthesise these phenomena on demand would greatly benefit systematic study.
In the long run, we aim to demonstrate that new tools
from speech technology enable novel scientific discovery
in speech sciences, and ultimately advance research in
the field. To do this, we need input from the phonetic research communities to identify suitable research targets.

10
0

NAT

VOC

MERLIN

GL

DCTTS

OVE

tests (for the mean). Ignoring ties, VOC was rated above
NAT 5.7% of the time. The same number for MERLIN
was 0.38%, the highest for a TISO system. OVE was
rated below any other system 99% of the time or more.
3.4. Lexical decision task

To assess intelligibility and processing speed via correctresponse rate and a behavioural measure, namely, reaction time, we set up a lexical decision task using ExperimentMFC, an interface for forced-choice listening tests
in Praat. Stimuli were CVC words from 50 minimal pairs
selected from the modified rhyme test [13], embedded in
a fixed carrier sentence rendered by the six different systems. We used emphasis control in OVE to approximate
the NAT productions of the MRT word token.
We tested 20 listeners that were selected and remunerated as in the previous test. For each stimulus, listeners
were asked to push one out of two buttons to indicate
which word they heard out of the minimal pair, as soon
as they knew. Listeners heard each system speak each of
the 100 words once, producing 600 responses and reaction times per listener. Stimuli were ordered randomly for
each listener while the order of the two response options
was balanced across listeners in two blocks.
Table 2 reports the results of mixed-effects linear regression on logarithmic response-times with data trimming and model criticism based on [2]. Apart from OVE
and DCTTS, reaction times to all synthetic systems do
not exhibit statistically significant differences relative to
NAT. This means that one state-of-the-art TISO and both
SISO systems analysed here are processed similarly to
natural speech by human listeners. Incorrect response
rates (final column of Table 2) are comparable to NAT
for VOC and MERLIN, with DCTTS and OVE showing
the worst performance on this indicator of intelligibility.
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4. DISCUSSION
We have experimentally verified that modern synthetic
speech is perceptually closer to natural speech than are
classical synthesis methods, to such an extent that modern methods largely overcome the processing inadequacies that have previously plagued synthesised stimuli in
speech sciences. As the next step, we want to extend this
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obtained from EPG, the palates with the contact
sensor layout normalized for between-speaker
anatomical differences were used.
In this paper, we report on one aspect of a larger
project5, whose aims include:
 testing experimentally whether teaching the
pronunciation of English consonants and
consonant clusters to Polish learners by means of
direct visual feedback based on EPG information
is more effective than a comparable method
without EPG;
 conducting a systematic comparative analysis of
differences between Polish and English with
respect to articulatory correlates of distinctive
features of the phonemes of the two languages;
 collecting an articulatory database that could be
used to train robust automatic speech recognition
systems and silent speech interfaces.
The last two aims required that we chose the type of
the EPG system that would allow for the
minimization of between-speaker articulatory
variance in comparable pronunciations and that the
selected system allows as reliable mapping of
articulatory to acoustic distinctive features as it is
possible considering the fact that the similar sounds
can be created by a single speaker using a range of
different articulatory gestures [15].
In the present report we use EPG articulatory data
for phoneme recognition with the assumption that it
provides an effective practical test of the quality of
mapping of articulatory to acoustic distinctive
features. We also compare the phoneme recognition
rates obtained from two EPG systems and we
describe the design and performance of a new
artificial palate developed for the purpose of the
project. The present paper is a continuation of the
work presented in [11].

ABSTRACT
The aim of the study was to conduct automatic
phoneme identification from articulatory data that
accompanied the production of these phonemes in
continuous speech. The articulatory data were
obtained from 2 electropalatographic systems,
Palatometer by Complete Speech and Linguagraph
by Rose-Medical. Palatometer was used with the
artificial palate containing 124 contact sensors in a
grid layout, including 2 sensors monitoring the lip
contact. The palate included a vacuum-thermoformed
flexible printed circuit. Linguagraph was used with
the acrylic artificial palate designed and developed
for the purpose of this study, containing 62 electrodes
in anatomical layout. Palatometer was used by one
native of General American and Linguagraph by one
native of General British, each reading 140
phonetically balanced sentences that included
Harvard Sentences and TIMIT prompts. The EPG
data were parametrised into dimensionality reduction
indexes, which were analysed by means of linear
discriminant analysis and a probabilistic neural
network. The results of classifications are discussed.
Keywords: electropalatography, EPG, English,
phoneme recognition, articulatory phonetics
1. INTRODUCTION
The concept of phoneme recognition refers to the
identification of phonemes underlying an utterance
without any reference to the language model at the
word level or to a pronunciation dictionary.
Phoneme recognition from articulatory clues has
mainly been used to improve predictions of missing
information in the acoustic signal in robust automatic
speech recognition and in the development of silent
speech interfaces. Articulatory data have mainly been
derived from one of three sources: acousticarticulatory transformations using inverse mapping,
classification scores for pseudo-articulatory features
and direct physical measurements [10]. As the source
of direct physical measurements, a wide range of
techniques have been used, including X-ray filming
[1], EGG, EMA and EPG [21] and EMA alone [7]. In
all of the studies in which articulatory data were

2. GRID AND ANATOMICAL LAYOUT OF
CONTACT SENSORS
There major two approaches to laying out contact
sensors on an EPG palate include a grid layout where
_______________________________
5
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each contact is positioned by a fixed distance from the
neighbouring contacts and a normalized anatomical
layout where the number of contacts does not vary
and each contact is aligned with anatomical
landmarks [23]. The two systems selected for this
study were representative of both approaches:
 Linguagraph by Rose-Medical Ltd. [9] with the
palate that has the normalized anatomical
electrode layout, and
 Palatometer by Complete Speech [2] with the
palate that has the grid layout of electrodes.
For the purpose of this study, the Linguagraph
multiplexer was used with the normalized anatomical
palate of a new design intended to make the palate
thinner and more natural to speak with. The
Palatometer multiplexer was used with the original
Complete Speech grid layout palate.
The major advantage of the normalized
anatomical layout is that a given contact sensor
position for one speaker can be compared like-forlike with that of another speaker to a much greater
degree than in the grid layout palate. In the grid
layout, speaker palates that are wider, longer or more
arched require more contacts to cover the whole
palatal surface than in the normalized anatomical
layout. This results in low between-speaker
comparability of patterns that accompany the same
pronunciations [22]. Phonetic distinctive features
induced from grid layout articulatory data of one
speaker would therefore be difficult to generalize to
other speakers.

On the other hand, one of major disadvantages of
normalized anatomical layout palates is that they are
relatively thick. Thin grid layout palates increase the
wearing comfort and result in a less distorted
pronunciation. This, in turn, increases the chance that
students using grid palates for learning L2
articulations would have a greater chance of
preserving the correct articulation habits after the
palate has been removed. The major disadvantage of
the grid layout palates is, however, that the EPG
patterns generated by L2 learners wearing them are
difficult to reliably compare with native patterns.
For the purpose of this study, we have therefore
developed a normalized anatomical palate with
reduced thickness for low between-speaker
variability without much compromising on the
wearing comfort.
3. NEW TECHNIQUE OF MANUFACTURING
NORMALIZED ANATOMICAL PALATES
The design mostly followed the traditional method of
development of artificial palates with anatomical
layout. The EPG system originally developed at
Reading University in the mid 1980’s [4] consists of
62 silver contacts embedded between two layers of
two-component heat- and pressure-polymerized
denture acrylic resin. Steel Adams clasps clip around
the teeth retain the palate in place. Each of the contact
sensors is soldered to a copper wire and the wires exit
around the back of the rear molars. The two bundles
of wires form each side of the palate are sealed in
flexible tubing [22] and leave through the corners of
the mouth.

Table 1: Features of Linguagraph, Palatometer
and Original palate

Linguagraph Palatometer Original
anatomical
grid
anatomical

layout
sensor
position vs.
anatomy
fixed
variable
fixed
sensor-tosensor
position
variable
fixed variable
betweenspeaker
comparability
high
low
high
average palate
1.7-3.4mm
thickness on
1.5-2.5mm
M=2.10
all electrodes M=2.45 σ=.49
~.5mm
σ=.53
materials
PET-G,
used
acrylic polyimide
acrylic
durability
high
average
high
number of
electrodes
62
124
62
production
manual automatic
manual
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Figure 1: Original palate with anatomical layout
of contact sensors

In our approach (Figure 1), only one layer of
conventional two-component acrylic is used. The

electrodes are covered with a thin layer of a onecomponent acrylic lacquer that is cured through UV
radiation. This way we have reduced the mean
thickness of the palate by approx. 0.35mm (Table 1,
row 6, column 2 vs. 4; 1.5-2.5mm σ=.49 in the
Linguagraph palate compared to 1.7-3.4mm with
σ=.53). The palate thickness in all cases was
measured as the average thickness at the location of
all electrodes. We continue our work to reduce the
relatively wide range of thickness values in our
design. The technique of developing electrodes was
also modified: instead of soldering a copper wire to a
silver disc we inserted the copper wire into a silver
bead, forged the bead into a bowler-shaped sensor and
polished the crown to roughly level it with the
surrounding acrylic. This method assured the firm
hold of the electrode to the bottom layer of the acrylic
by the brims.

the speakers. The whole list in each case contained
approx.. 1250 words. The database for General
American contained 16 min. of audio data and 18
minutes for General British. The recordings were then
segmented and annotated with phoneme labels using
Penn Forced Aligner [8] for General American and
for General British – FAVE-align [17] with the
adapted British English dictionary BEEP [14] and the
General American language model. The annotation
was subjected to minor manual corrections.
6. PARAMETRISATION OF THE EPG DATA
The EPG information was transformed into a set of
linguistically meaningful and computationally
manageable parameters – dimensionality reduction
indices (DRI) adapted from Hardcastle et al. [5].
DRI’s for a given phoneme were calculated for the
single EPG frame at mid time of the phoneme
duration. The DRI’s were:
 bilabial region – sum of contacts in the 1st row of
Palatometer (abbr. P below) pattern divided by
all electrodes in that row; the 1st row of the P
palate is labelled as 1 in the left part of Figure 2
below; absent from Linguagraph – abbr. as L
below;
 dental region – sum of contacts in rows P2-4,
divided by all electrodes in these rows; absent
from Linguagraph;
 alveolar to prepalatal – a sum of contacts in rows
P5-9/L1-5 divided by all electrodes in these rows;
 midpalatal to velar – sum of contacts in rows
P10-15/L6-8 divided by all electrodes in these
rows;
 total percentage of contacts – sum of contacts in
rows P1-15/L1-8 divided by all electrodes in
these rows;
 general centre of gravity i.e. the weighted
average of the sum of contacts in rows P1-15,
where the weights on rows are 14, 13, ..., 1
respectively, and the weighted average of the sum
of contacts in rows L1-8 where the weights on
rows are 7, 6, …, 1 respectively;
 anterior centre of gravity i.e. the weighted
average of the sum of contacts in rows P2-8
columns G-J where the weights are 14, 13, ..., 8
respectively, and the weighted average of the sum
of contacts in rows L1-4 for columns C-F with
weights 7, 6, 5 and 4 respectively;
 posterior centre of gravity, i.e. the weighted
average of the sum of contacts in rows P9-15
columns D-M with the weights on rows 7, 6, ..., 1
respectively, the weighted average of the sum of
contacts in rows L4-7 columns B-G, with weights
on rows 4, 3, 2 and 1 respectively;

4. APPROACHES TO PHONEME
RECOGNITION
The state-of-the-art approaches to phoneme
recognition include
 the hidden Markov model – Gaussian mixture
modeling of phonemes [13] with additional
discriminative training [3], and
 discriminative models e.g. recurrent neural
networks [16], large margin classifiers [19] or
multilayered perceptrons [18] have given higher
phoneme recognition accuracies.
In this work, we estimate the posterior probabilities
of phonemes based on articulatory information by
means of two discriminative models, forwardselection linear discriminant analysis (LDA) and a
four-layer probabilistic neural network (PNN). For
classification by means of LDA, Statistica statistical
package was used. For classification by means of
PNN, we used Statgraphics.
5. ARTICULATORY DATA
For comparison with previous studies [19, 21] and to
avoid problems related to between-speaker
variability, the data in this study were obtained from
one speaker per EPG system and covered about 34
minutes of speech in total. Palatometer was used by
a 24-year-old female speaker of General American.
Linguagraph with the original palate was used by a
41-year-old male speaker of General British. Both
speakers read a list of 197 items: 10 sentences from
the List 11 of Harvard Sentences [6], 130 phonetically
balanced sentences from the TIMIT prompt list [20],
English alphabet and numerals from 0 to 30. The
prompts were manually adjusted to provide for minor
fillers, re-starts and minor misreadings on the part of
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of individual phonemes can be accessed at [12]. The
results of the general classification is presented in
Table 2. The best classifier for any EPG system used
in the study was PNN and it performed with 32.1%
correct classification rate for the data obtained with
Palatometer.

laterality i.e. the weighted average of the sum of
contacts in rows P1-15 columns D-M, where the
weights on columns are 1, 2, ..., 5 in columns DH and 5, 4, ...,1 in columns I-M. In rows L1-8
columns B-G, where the weights on columns are
1, 2 and 3 in columns B-D and weights 3, 2 and 1
in columns E-G respectively;
asymmetry i.e. the difference between the sum of
contacts in columns A-H and I-P for Palatometer
and the difference between the sum of contacts in
columns A-D and E-H for Linguagraph;
fricativity i.e. the sum of contacts in rows P2-5
divided by all electrodes in these rows minus the
sum of contacts in rows P6-8 divided by all
electrodes in these rows for Palatometer and the
sum of contacts in rows L1-2 divided by all
electrodes in these rows minus the sum of
contacts in rows L3-4 divided by all electrodes in
these rows for Linguagraph.

Table 2: Classification results for DRI’s calculated
for articulatory data from two EPG systems

EPG system
Linguagraph + original
anatomical palate
Palatometer

PNN
30.8

LDA
29.6

32.1

31.3

The data obtained by Palatometer were generally
classified at marginally better rate than the data
obtained by Linguagraph.
8. CONCLUSIONS

Figure 2: Palatometer (left) and Linguagraph
electrode layout; dots indicate electrode locations.
Electrodes in Palatometer row 10, and col. a and p
for rows 13-14 were never activated.

The higher results of phoneme classification based on
the data obtained from Palatometer in comparison to
Linguagraph may be attributed to the fact that
Palatometer has a higher density of the contact
sensors, i.e. 124 electrodes (114 activated at least
once) vs. 62 in Linguagraph. Moreover, Palatometer
has 2 bilabial and 10 dental sensors that palate
designed to work with Linguagraph did not have.
Finally, the accuracy of forced alignment for
American data may be higher than that for British
data.
The correct classification rates presented in
Table 2 are relatively low compared to the results
reported in [21]: phone error rate of 35.7% for
monophone recognition on TIMIT data using all
sources of physical measurement, i.e. EMA, EGG and
EPG. It should however be noted that in [21] EPG
data yields only 1.5% absolute PER reduction to the
result obtained based on EMA and EGG and that
authors do not report PER based on EPG alone.
Moreover, in [21], 30 minutes of speech was used
compared to 16-18 minutes used in the present study.
Our results may thus suggest that:
 the classification of 38-43 phonemes based on
3210-3387 phoneme-DRI pairs is challenging.
Multiple coarticulatory and random effects cause
DRI’s to vary greatly. Preliminary experiments
on General British data [12] indicate that the
results of PNN classification reach 49.46% if
trained on a set of 24985 phoneme-DRI pairs
obtained with Linguagraph and our original
anatomical palate;
 the phoneme classification problem is difficult to
solved without considering the probabilities of
phoneme or word sequences (e.g. in the form of

7. CLASSIFICATION PROCEDURE AND
RESULTS
For Palatometer – 3210 unique phoneme-DRI pairs
were used to develop classification models that
discriminated among 38 phonemes. As in [21],
consonants were classified along with vowels. For
Linguagraph, 3287 unique phoneme-DRI pairs were
used to develop classification models that
discriminated among 43 phonemes. In both cases, the
/ʒ/ phoneme was excluded from all classifications as
it was illustrated by only 2 cases. In the case of PNN
classification, jack-knifing (leave-one-out) method
was used as a cross-validation technique. In PNN,
prior probabilities used were proportional to the
observed. The table with results of the classification
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[11] Krynicki, Grzegorz. 2014. Articulatory grounding of
phonemic distinctions in English by means of
electropalatography. In: Eugeniusz Cyran and Jolanta
Szpyra-Kozłowska (Eds) Crossing PhoneticsPhonology Lines. Newcastle Upon Tyne: Cambridge
Scholars Publishing. Pp. 299-312.
[12] Krynicki, Grzegorz. 2019. LDA classification table
and pair-wise phoneme classifications, URL:
http://wa.amu.edu.pl/~krynicki/pub/icphs2019
[13] Lee, K.-F. and H.-W. Hon. 1989. SpeakerIndependent Phone Recognition using Hidden Markov
Models. IEEE Trans. Acoust. Speech Signal Process.,
vol. 37, no. 11, pp. 1641–1648.
[14] MacKenzie, Laurel. 2016. Personal communication
[15] Neiberg, D. - G. Ananthakrishnan - Olov Engwall.
2008. The Acoustic to Articulation Mapping: Nonlinear or Non-unique? INTERSPEECH 2008, 14851488.
[16] Robinson, A. 1994. “An Application of Recurrent
Nets to Phone Probability Estimation. IEEE Trans. on
Neural Networks, vol. 5, no. 2, pp. 298–305.
[17] Rosenfelder, Ingrid; Fruehwald, Josef; Evanini,
Keelan; Seyfarth, Scott; Gorman, Kyle; Prichard,
Hilary; Yuan, Jiahong; 2014. FAVE (Forced
Alignment and Vowel Extraction) Program Suite
v1.2.2
[18] Schwarz, P., P. Matejka and J. Cernocky. 2006.
Hierarchical Structures of Neural Networks for
Phoneme Recognition. Proc. of IEEE Conf. Acoust.
Speech. Signal Process. (ICASSP).
[19] Sha, F., and L. Saul. 2006. Large Margin Gaussian
Mixture Modeling for Phonetic Classification and
Recognition. Proc. of IEEE Conf. Acoust. Speech.
Signal Process. (ICASSP).
[20] TIMIT. 2018. URL:
https://catalog.ldc.upenn.edu/docs/LDC2008S09/man
ual/html/node16.html, Last access: 05-12-2018.
[21] Uraga, E. and Hain, T., 2006. Automatic speech
recognition experiments with articulatory data. Proc.
INTERSPEECH, 353-356.
[22] Wrench A. 2001. A new resource for speech
production modelling in speech technology.
Proceedings of the Workshop on Innovation in Speech
Processing.
[23] Wrench, Alan A. 2007. Advances in EPG palate
design. In: Advances in Speech-Language Pathology,
9(1). Pp. 3-12.

Hidden Markov models and N-gram models, c.f.
[21]);
 in further tests, additional methods of deriving
DRI’s should be considered, e.g. principal
component analysis;
 recognition could be further improved by
providing additional sources of physical
measurement.
Still, the results show that the tested EPG systems,
irrespective of whether their electrodes are arranged
in the anatomical or grid layout, both can be used for
phoneme recognition, and consequently, both allow
comparably reliable mapping of articulatory to
acoustic distinctive features. We have also
demonstrated that, with respect to the phoneme
classification results, the original anatomical palate
developed for the purpose of the project the present
study is a part of, is on a par with the commercially
available solution.
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ABSTRACT

illustrated in (2) and (3). The sentence in (2) is a
declarative sentence in which the subject obaachan
‘grandma’ is ambiguous between the vocative and
nominative case. The sentence in (3) is an
interrogative sentence but is still ambiguous between
the two cases.

This paper examines the phonetic and phonological
structure of vocative intonation in Tokyo Japanese, of
which very little is known in the literature. Based on
our auditory observations and acoustic experiments,
we report that Tokyo Japanese uses three distinct
pitch patterns termed Patterns α, β, and γ, when
calling people by their names or kinship terms.
Pattern α is the neutral pattern used in a wide range of
contexts and shows a markedly greater pitch range
than the corresponding declarative sentence. Patterns
β and γ, in contrast, are different from the declarative
form in involving an additional H tone and HL tone,
respectively, on the final syllable. Pattern β is
specifically used when the speaker attempts to draw
attention from someone in the distance. Pattern γ is
used when the speaker shows affection to the hearer.
None of these patterns triggers neutralization of the
lexical accent distinctions in the language.

(2) obaachan kita-yo ‘Grandma came’
a. (He) is here, Grandma (vocative)
b. I (Grandma) am here. (nominative)
(3) obaachan genki? ‘Grandma well’
a. Are you well, Grandma? (vocative)
b. Is Grandma well? (nominative)
This raises a question of how the vocative meaning is
phonetically conveyed and is different from nonvocative meanings. Although potentially very
important and interesting, this question has attracted
little or no serious attention in Japanese phonetics and
phonology, even in the prosodic study of standard
Tokyo Japanese. With this background, this paper
examines the phonetic and phonological structure of
vocative intonation in Tokyo Japanese, in comparison
with those of declarative and interrogative sentences.
Looking beyond Japanese, one finds a certain
amount of work on the vocative prosody in other
languages. One actually finds two phonetic
parameters that are often used for vocative marking.
One is vowel lengthening, which is observed in
Southern Sierra Miwok [2] and Nivkh [7]; see [3] and
[8] for an overview. A second phonetic feature is
intonation, or postlexical pitch features, that is very
often used in languages without specific vocative
forms such as English [5] and German [4]; see also
[1] for the vocative intonation in Polish.

Keywords: vocative intonation, question intonation,
Tokyo Japanese, accent neutralization, pitch accent
1. INTRODUCTION
Languages fall into two groups depending on whether
they have a particular morphological or grammatical
marker for the vocative case of people’s names and
kinship terms. The first group, represented by Latin,
has a special vocative marker, as illustrated in (1a).
Bulgarian, Korean and many other languages belong
to the same group [8]. On the other hand, there are
also many languages that do not have such an overt
morphological marker. This group is represented by
modern English, as shown in (1b).
(1) a. Latin
Brutus (nominative) vs.
Et tu, Brute (vocative) ‘You, too Brutus’
b. English
Brutus (nom.) vs. You, too, Brutus. (vocative)

2. BASIC PATTERNS
Our auditory observations of TV dramas and daily
conversations for many hours revealed that native
speakers of Tokyo Japanese use three distinctive pitch
patterns when calling people such as their friends and
family members. These three patterns are termed
Patterns α, β, and γ in this study. In phonetic terms,
these three patterns differ from each other as well as
the declarative form (one-word statement) in the

Present-day Japanese belongs to the second group and
displays no overt grammatical marker for the vocative
case. Because of this, one and the same sentence often
becomes semantically ambiguous in Japanese, as
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following respects. First, Pattern α looks similar to the
declarative pattern in an overall shape but is crucially
different in exhibiting an enhanced pitch contour, i.e.
an expanded pitch range (Figs. 1a vs. 1b). Pattern β
(Fig. 1c), in contrast, is different from the declarative
pattern (Fig. 1a) in involving an additional H(igh)
tone on the final syllable. Pattern γ (Fig. 1d) is further
different from Pattern β in exhibiting an additional
pitch fall (HL) on the same syllable. Pattern β looks
quite similar to the pitch contour of interrogative
sentences in the same language [6].

(declarative sentence), 2b (Pattern α), 2c (Pattern β),
and 2d (Pattern γ). Again, Pattern β looks quite
similar to the pitch contour of interrogative sentences
in the same language [6].
Figure 2a: Unaccented name Naomi (statement)

Figure 1a: Accented name Na’oya (statement)

Figure 2b: Unaccented name Naomi (vocative α)

Figure 1b: Accented name Na’oya (vocative α)

Figure 2c: Unaccented name Naomi (vocative β)

Figure 1c: Accented name Na’oya (vocative β)

Figure 2d: Unaccented name Naomi (vocative γ)

Figure 1d: Accented name Na’oya (vocative γ)

A comparison between Figs. 1b-d and Figs. 2b-d
clearly shows that the lexical pitch contrast between
accented and unaccented nouns is well preserved. In
other words, the two lexical patterns are not
neutralized since accented words always exhibit an
abrupt pitch fall, whereas their unaccented
counterparts lack this phonetic feature.
The unaccented counterparts of the accented names in
Fig. 1 also exhibit corresponding pitch patterns for the
vocative, as illustrated in Fig. 2a-d: Fig. 2a
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and when she is concerned about the addressee
(5e).
c. Pattern γ is typically used in contexts where the
speaker is calling emotionally, such as in (5f-i),
and where she is calling from a distance, i.e. (5c).

3. PRODUCTION EXPERIMENT
The phonological observations mentioned above
raise an interesting question of how the three patterns
of vocative intonation are distinctively used by
language users. In order to answer this question, we
conducted a production experiment with two native
speakers of Tokyo Japanese as subjects (one male
speaker aged 32 and one female speaker aged 75). We
prepared a set of people’s names and similar nouns
often used for calling such as mama ‘Mom’, sensei
‘teacher’, and obaachan ‘Grandma’. These test words
are balanced as much as possible with respect to the
lexical accent classes (accented vs. unaccented), word
length (two to five moras long), and the type of the
word-final syllable, heavy (bimoraic) vs. light
(monomoraic). Some examples are given in (4),
where apostrophes indicate word accent, or the locus
where an abrupt pitch fall occurs.

4. ACOUSTIC MEASUREMENTS AND
DISCUSSION
In addition to the production experiment described
above, we conducted an acoustic analysis to examine
the phonetic differences between declarative and
vocative intonation, on the one hand, and among the
three patterns of vocative intonation, i.e. Patterns α, β,
and γ, on the other.
This experiment involved two native speakers of
Tokyo Japanese, one male (35 years old) and one
female speaker (44 years old). We asked each subject
to produce the three vocative patterns plus the
corresponding declarative sentence with the pair of
trimoraic names Na’oyo (accented) and Naomi
(unaccented). In total, we asked them to pronounce
each test word with each of the four pitch patterns ten
times, which produced 160 tokens altogether (2 test
words x 4 pitch patterns x 10 repetitions x 2 speakers).
In the analysis that followed, we measured (i) the
pitch value at the onset of the word, (ii) the value of
the first pitch peak, (iii) the value of the valley after
the first peak, and (iv) the value of the second peak.
The third value was obtained only from the accented
word, while the fourth value was obtained from the
vocative patterns β and γ of the accented word (Figs.
1c and 1d).

(4) test words
a. accented names
2 moras: Yu’u, Ke’n, Yu’mi, Ma’ma
3 moras: Yu’uma, Ta’roo, Na’oya
4 moras: sense’i ‘teacher’
b. unaccented names
2 moras: Tada, kimi ‘you’
3 moras: Kyooda, Inoo, Naomi
4 moras: obachan ‘aunt’
We also considered various contexts in which the
speaker is calling the name, as summarized in (5).
(5) a. simply drawing attention of a person
b. calling someone nearby
c. calling her from the distance
d. confirming that she is present nearby
e. showing concern or worry for her
f. speaking to her after a long absence
g. blaming her for what she has done
h. asking her a favour
i. mourning for her at her funeral

4.1. Accented words

We first compared the declarative (statement) pitch
pattern with the vocative pattern α, i.e. Figs. 1a vs. 1b,
with respect to the extent of pitch rise from the word
onset (V1) to the first peak (P1) as well as the extent
of pitch fall from the peak (P1) to the offset of the
word (V2). This comparison revealed that the
vocative pattern involves a much greater pitch rise
than the statement. This difference was statistically
significant for both speakers as shown in Table 1
(female speaker) and Table 2 (male speaker): the
figures in the parentheses denote standard deviations.

In the experiment, we presented each subject with the
list of personal names including those in (4) and asked
how she would call the person in each of the nine
contexts in (5). This production experiment yielded
the results in (6), with relatively little inter-speaker
differences.

Table 1: Comparison of statement and vocative α
(Hz)

(6) a. Pattern α is used in a wide range of contexts for
both word accent types, suggesting that this is the
default or unmarked pattern of vocative
intonation.
b. Pattern β is used typically when the speaker
wants to confirm the addressee’s presence (5d)

Statement
Vocative α
t
p
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P1-V1
36.46 (10.08)
116.75 (7.14)
t(18)=19.79
<0.001*

P1-V2
89.20 (11.31)
92.13 (29.50)
t(18)=0.29
0.774

Table 2: Comparison of statement and vocative α
(Hz)

Statement
Vocative α
t
p

table: * indicates that the difference between the two
respective patterns is statistically significant.

P1-V1
P1-V2
17.69 (3.34) 45.65 (9.56)
69.09 (15.31) 49.93(16.05)
t(18)=7.10
t(18)=0.73
<0.001*
0.478

5. COMPARISON WITH OTHER CASES AND
SENTENCE TYPES
In the foregoing discussion, we have hinted that
vocative intonation is sometimes similar to the
phonetic forms of other types of cases and sentences.
This is true only in some restricted contexts. In the
declarative sentence in (2), for example, the vocative
case in (2a) can be clearly differentiated from the
nominative case in (2b) if the intonational patterns β
and γ are used for the vocative case: the two meanings
in (2a,b) are differentiated between the patterns in Fig.
1c/d (vocative) and the pattern in Fig. 1a (statement).
However, the prosodic difference between the
two cases becomes subtle if the vocative form in (2a)
is pronounced with the prosodic pattern in Fig. 1b.
The phonetic difference becomes especially subtle if
the nominative form in (2b) receives some semantic
emphasis/focus and, consequently, is pronounced
with an expanded pitch range as in Fig. 1b.
Basically the same observation can be made of the
interrogative sentence in (3), which is also ambiguous
between the vocative and nominative cases.

We then compared vocative patterns β and γ with
respect to (i) the degree of pitch rise from the word
onset to the first peak (P1-V1), (ii) the degree of pitch
fall from the first peak to the following valley (P2V2), and (iii) the degree of pitch rise from the valley
to the second peak (P2-V2). Statistical results of this
comparison are given in Table 3 (female speaker).
Table 3: Comparison of vocative β and γ (Hz)

Vocative
β
Vocative
γ
t
p

P1-V1
P1-V2
P2-V2
103.60
128.68
33.53
(26.35)
(33.15)
(29.53)
227.72
148.25
-73.20
(20.38)
(56.47)
(33.14)
t(18)=11.78 t(18)=0.94 t(18)=7.60
<0.001*
0.357
<0.001*

The results in this table show that vocative patterns β
and γ differ crucially from each other in the degree of
the first pitch rise and that of the second rise: pattern
γ exhibits a much steeper pitch rise than pattern β
towards the first peak, while pattern β displays a
steeper pitch rise towards the second peak.

6. CONCLUSIONS
This study examined vocative (calling) intonation in
Tokyo Japanese in comparison with the intonation of
declarative sentences. It has revealed that this
language uses three distinct pitch patterns for the
vocative meaning: Pattern α simply enhances the
pitch (range) of the declarative intonation, Pattern β
involves an extra high pitch on the final syllable, and
Pattern γ introduces a new pitch fall in the same
syllable. Acoustic measurements showed that these
three melodies are distinct from each other in
phonetic terms, too. Native speakers choose from
these three melodies in different pragmatic contexts
although they sometimes use two or three melodies in
one and the same pragmatic context. Finally, the
lexical pitch contrast between accented and
unaccented words is not lost in any context.

4.2. Unaccented words

We compared the statement contour and the three
vocative contours for the unaccented name Naomi,
too (Figs. 2a-d). To understand the basic differences
between these four types of contours, we examined
the degree of pitch rise from the word onset to the
peak (P1-V1). This comparison yielded the results in
Table 4.
Table 4: Comparison of vocative β and γ (Hz)
P1-V1
P1-V1
(male speaker)
(female speaker)
Statement
36.90(2.50)
62.51(25.38)
Vocative α * 40.43(5.41)
* 74.91(15.84)
Vocative β * 57.87(7.81) * * * 86.53(21.49) *
Vocative γ
92.74(11.24) *
183.26(18.05) *
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The extent of pitch rise is smallest in the statement
and largest in vocative pattern γ, with vocative
patterns α and β coming between these two in this
order. The results of T-test are given in the same
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suggested by the speaker is the empty set (i.e. ‘no
one’), providing (1) with a reading equivalent to the
speaker saying ‘no one would drink coffee’ [8].
However, RQs can also suggest a non-empty set as
their answers if there is a particular individual salient
enough in the discourse context to serve as an answer
to the question [19, 3]. These we call positive rhetorical questions (RQ+s). A subtype of RQ+s is positive RQs-as-retorts (Retorts), which are RQ+s used
to answer an ISQ. Stylistically, this has the effect of
the speaker marking the ISQ as having the same obvious answer as the Retort [20], as illustrated in (2).

ABSTRACT
In this production experiment we investigated
the suprasegmental properties of the Cantonese
sentence-final particles (SFPs) aa1 and aa3 in different types of questions. The context of each
trial was manipulated to elicit a set of stringidentical wh-questions with the following four readings: information-seeking questions (ISQs), positive rhetorical questions (RQ+s) ‘Who likes coffee?
- John’, negative rhetorical questions (RQ-s) ‘Who
likes coffee? - Nobody’, and rhetorical questions as
retort (Retort) ‘Who ordered an extra large coffee? Who likes coffee?’. Overall, the results show that the
prosodic difference in SFPs helps to distinguish between these question types. We found that (i) SFPs in
RQ+ and Retort contexts are characterized by rising
tonal contours, while those in ISQ and RQ- contexts
have more level contours, and that (ii) the duration
of SFPs in RQ- contexts are significantly longer than
in any other context. We also found that aa1 and aa3
pattern similarly.

(2)

RQ+s, Retorts, and ISQs make the addressee
search for a specific member within the domain of
individuals, but RQ-s convey that the answer is the
complement of the entire domain, which equals an
empty set (being non-specific). RQ+s, Retorts and
RQ-s appeal to the common ground (i.e., the shared
knowledge between speakers [21, 5]), but not ISQs:
the speaker of a RQ already has a certain answer in
mind (and expects that the addressee has the same).
ISQs do not appeal to the common ground, as the
speaker does not have anyone in mind when asking a
genuine question. Specificity and appeal to the common ground feature the four question types as in Figure 1:

Keywords: Cantonese, sentence-final particles,
rhetorical questions, prosody
1. INTRODUCTION
1.1. Subtypes of rhetorical questions

Most typically, wh-interrogatives function as
information-seeking questions (ISQs), with the
speaker requesting information from the addressee
[10]. Rhetorical questions (RQs) differ from ISQs
in the sense that the speaker, rather than requesting
information, instead strongly suggests a certain
answer to the question asked. For instance, the
question in (1) can be asked in an unbiased way
when the speaker does not prefer any member of the
set denoted by the wh-word who, or in a biased way
when the speaker suggests a certain answer to who.
(1)

Speaker: Does Ed McMahon drink?
Addressee: Is the Pope Catholic?
[20]

Figure 1: Features of question meaning.

specificity

RQ+

appeal to
common ground

Retort
ISQ

RQ-

1.2. The prosody of RQs

Who would drink coffee?

It is commonly assumed that ISQs and RQs are
prosodically distinct, but empirical studies on the

In negative rhetorical questions (RQ-s) the answer
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questions. The present study therefore contributes to
this line of research in two directions by (i) examining more subtypes of RQs and (ii) extending to a tone
language.

prosody of RQs are still rare and limited to RQ-s
in English, Icelandic, and German [1, 23, 6, 16]. In
particular, the distribution of boundary tones and nuclear pitch accent types, duration of utterances, and
voice quality are found to contribute to the difference between ISQs and RQ-s, although these cues
are weighed differently across the three languages.
Taken together, these studies support the assumption
that ISQs and RQ-s can be distinguished prosodically.
However, it is as yet unknown whether there is
also prosodic difference among the subtypes of RQs
(i.e., RQ- vs. RQ+ vs. Retort) and whether there exists prosodic distinction between ISQs and RQs in
tone languages, such as Cantonese in our case.

2. EXPERIMENT
2.1. Stimuli

We created 12 target wh-questions that are ambiguous between rhetorical and information-seeking
readings, have the same syntactic structure and contain the same number of syllables. The wh-word in
all target sentences is bin1go3 ‘who’; half of the target sentences end with the SFP aa1, and the other
half end with the SFP aa3. To counter the effect of
tonal co-articulation, the lexical tone of the syllable
directly preceding the SFP is also controlled for and
is balanced between the two SFPs. Cantonese has
six unchecked tones, thus one sixth of the target sentences has Tone 1 before the SFP, one sixth has Tone
2, and so on.
For each of these 12 target sentences, we generated four short contexts, each favoring one of the
four readings respectively (See Table 1: contexts are
translated from Cantonese). The context descriptions are as concise and informative as necessary.
The target sentence is placed in the final position
within each context. In addition, each target sentence is preceded by another short sentence that is
semantically congruent with the target sentence. The
purpose of these additional sentences is to strengthen
the intended reading. The register of both contexts
and target sentences is deliberately chosen to reflect
the spoken language.
Two experiment lists were created that differ in
the combination of SFPs and target sentences: target sentences ending with aa1 on the first list are replaced with aa3 on the second list, and vice versa.
The items were randomized within each list, but the
same random order was used for the participants assigned to the same list. Additional 48 filler context
descriptions were used with assertions as target sentences. With three practice trials, the total number of
items was 99, which took an hour for the participants
to complete on average.

1.3. Intonation in Cantonese

As a tone language, the F0 contour of Cantonese sentences necessarily involves the interaction between
lexical tone and intonation. Overall, however, the intonation patterns of Cantonese are similar to those of
many languages [4, 18]: statements generally have a
falling F0 contour, and questions have a rising F0
contour, regardless of the canonical form of the tone
[13], indicating the presence of a boundary tone.
Most studies on Cantonese question intonation focus on intonation questions (i.e., a declarative sentence with a rising contour), contrasting them with
declaratives [13]. Cantonese sentence-final particles (SFPs) express similar functions as intonation
in intonation languages, conveying the speaker’s attitude or emotions. Studies on the intonation of questions suffixed by SFPs, however, are relatively rare
[25, 24, 26], and even in those studies, the F0 contour of SFPs themselves is seldom examined. Given
that SFPs are abundant in the language and that utterances in Spoken Cantonese typically end in SFPs
[12, 22], this study focuses on the acoustic properties
associated with two common SFPs aa1 and aa3.
1.4. The Cantonese SFPs aa1 and aa3

The particles aa1 吖 and aa3 呀 are chosen because
of their high frequency of use in a wide range of contexts. Both ISQs and RQs are reported to feature aa1
and aa3: aa1 is claimed to make an utterance more
emotive and possibly indicates a contrast, while aa3
is described as “highlighting the relevance of the utterance” [14, 11, 22].
To analyze the prosodic properties of the SFPs
aa1 and aa3 in different question types in Cantonese,
we conducted a production experiment. The experiment is designed to examine how question types impact the prosodic realization of the two SFPs in wh-

2.2. Participants

We tested 21 speakers, but discarded the data from
seven speakers due to difficulty in reading spoken
Cantonese, cell phone use during the experiment,
persistently skipping contexts, and extremely unnatural production. The remaining 14 participants are
all native speakers of Cantonese (mean age: 19.6
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2.4. Data analysis and results

Table 1: The four contexts for the target sentence
Jau5 bin1go3 soeng2 jam2 gaa1fe1 aa1/aa3?
have who
like
drink coffee SFP
‘Who wants to drink coffee?’

Each target sentence was extracted from the recordings and checked manually. A target sentence was
excluded from the subsequent analysis if (i) the participant skipped the context for that trial, (ii) there
was disfluency in the sentence, (iii) the SFP was
omitted, and (iv) the participant made mistakes (e.g.,
by adding extra words or ignoring some words). In
addition, one experiment item had to be removed because it contained one extra syllable in the target sentence. Accordingly, 565 target sentences entered the
analysis. The distribution of them among question
types and SFPs is summarized in Table 2.

ISQ: You are having a family gathering in your home with a lot
of people. After lunch, you want to serve tea and coffee, but you
don’t know how much to prepare. You prepare the coffee first,
and you want to find out how many cups are needed. So you
ask:
“I don’t know how many people want coffee. Who wants to
drink coffee?”
RQ-: Mary is throwing a party. It’s 1am and everybody is about
to leave, but she is wondering if she should still make some coffee. You think nobody would drink any — some of them have
already left anyway. So when Mary is telling you that she’ll
start the coffee machine, you say:
“Mary, wait, you shouldn’t start the machine. Who wants to
drink coffee?”
RQ+: Mary and you are roommates, and you had a guest from
South America who brought you five different South American
coffees. But neither you nor Mary drinks coffee, so you suggest
to give all the coffee to someone. You just need to find a coffee
drinker. The first person that comes in mind to both of you is
John, your neighbor, because you both see him with his coffee
on the balcony every morning, afternoon and evening — John
is a real coffee-holic! So when Mary wonders who you should
give all this coffee, you point to John, who’s drinking coffee on
his balcony right now, and say:
“Just look at that balcony. Who wants to drink coffee?”
Retort: The coffee machine went wrong. John is a real coffee
lover; he drinks a lot of coffee every day. When you and John
talk about the coffee machine, he asks you who should fix the
coffee machine. You suggest that it should be him because he’s
the one who’s desperate about getting coffee. He asks, “Who
should fix the coffee machine?” You say:
“Who should fix the coffee machine? Who wants to drink coffee?”

Table 2: Distribution of target sentences included
in the analysis.

aa1
aa3

ISQ
70
73

RQ71
68

RQ+
69
69

Retort
72
73

The SFPs in all target sentences were annotated
with Praat [2] by the authors. The durations of the
two SFPs were extracted automatically. The F0 of
the SFPs was estimated using Praat’s autocorrelation periodicity detection algorithm1 and manually
checked. For the SFP in each target sentence, ten
equidistant points were then extracted after pitch
smoothing with a bandwidth of 20 Hz. We excluded
SFP tokens produced with creaky voice (83 out of
565) from the statistical model for F0 contour, as the
resulting irregularity in F0-tracking might obscure
the intonation patterns.
For the statistical analysis of F0 contour and duration, we ran a set of mixed effects models. In
order to characterize F0 contour, a least-squares
linear regression was fit for each token, with the
log-transformed F0 values from the ten equidistant
points as the response and the corresponding timeoffsets from the beginning of the syllable as the predictor. The slopes of these regression lines were
then used as the dependent variable for the mixed
effects model. For duration, the log-transformed
values were used as the dependent variable for the
model.
The fixed effects for all models included Question
Type (ISQ vs. RQ- vs. RQ+ vs. Retort) and Particle
(aa1 vs. aa3), as well as their two-way interactions.
The random effects structure was as maximally specified as possible: Participant and Item were included
as random effects for the models of F0 contour, but
only Participant was specified as the random effect
for the models of duration (because including Item
resulted in singular fit). The structure included only

years; SD = 1.2; 10 females, 4 males). They are
all undergraduate students recruited via participant
pools and are compensated by getting partial course
credit for their participation in the experiment.

2.3. Procedure

The experiment was conducted in a sound-attenuated
booth. In each trial, the context was presented auditorily (as recorded by a female native speaker of
Cantonese) through a headphone and in written form
on the screen simultaneously. The target sentence,
along with the facilitating sentence, then appeared
on the same screen. Participants were tasked to read
both sentences exactly as written and as naturally as
possible. Participants pressed a button to proceed to
the next trial.
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a by-Participant random slope for Particle, as the
models with more complex random structures failed
to converge. P-values were calculated using the Satterthwaite approximation of degrees of freedom.

Figure 3: Distribution of the durations of the SFPs
across question types.
aa1

2.4.1. F0 contour
Duration (ms)

RQ−
RQ+

180

200

RQ−

RQ+ Retort

ISQ

RQ−

RQ+ Retort

RQ-s are found to have longer SFP duration than
ISQs, RQ+s and Retorts. The SFPs in Retorts pattern with RQ+s, both displaying a higher rising F0
contour, compared to the RQ- and ISQ conditions.
The three-way distinction in the suprasegmental
properties of these questions is expected, considering the semantic differences between them. The different patterning of RQ+s and Retorts versus ISQs
and RQ-s could be attributed to differences in affective stance [17]. RQ+s and Retorts are uttered
in a context where the speaker believes that there
is a specific salient answer to the uttered question,
one that the addressee should be aware of. These
utterances come with an attitude expressing ‘obviousness’ (or ‘you should have known’). The rise in
F0 of RQ+s and Retorts could thus potentially be attributed to engaging the addressee, calling upon their
world knowledge.
Some of our findings tie in with what has been
found for the prosody of ISQs and RQs in other languages. For instance, our finding that the SFPs in
RQ-s do not show a rising F0 contour agrees with
the finding that RQ-s tend to have more low boundary tones in English and German [23, 9]. Additionally, our result that the SFPs in RQ-s are longer, in
comparison with those in ISQs, also echoes the finding that the sentence-final object is longer for RQ-s
than for ISQs in German and Japanese [23, 15].
While the literature on the interface of meaning
and intonation suggests a divide in the final contour
of assertive and inquisitive speech acts [18, 7], our
results show that RQ+s pose a challenge to this picture. On this view, RQ+s are expected to behave the
same way as RQ-s. Our view on the different question types can account for the three-way prosodic differences.
We are currently investigating whether there is a
global F0 and durational difference over the entire
utterance among different question types and devising a perception experiment.

ISQ

200

●

400

Question type

aa3

220

●
●
●

●

600

ISQ

Figure 2: F0 contours of the SFPs across question
types. The contours are smoothed with LOESS,
and the ribbons display 95% confidence intervals.

F0 (Hz)

●
●

The time-normalized F0 contours of the two SFPs
across question types are depicted in Figure 2. Significant fixed effects were found for Question Type
of RQ+ vs. ISQ (β = 9.2×10−4 , SE = 2.9×10−4 ,
p < 0.01) and for Retort vs. ISQ (β = 9.4×10−4 ,
SE = 2.9×10−4 , p < 0.01), indicating that the rising F0 contour in RQ+ and Retort contexts is steeper
than that in ISQ contexts. However, the F0 contours between RQ- and ISQ (β = 7.9×10−5 , SE =
2.9×10−4 , p = 0.79), and between RQ+ and Retort
(β = 2.2×10−5 , SE = 2.9×10−4 , p = 0.94) were not
significantly different. The fixed effects of Particle
of aa1 vs. aa3 and all the interaction terms were not
significant, suggesting the SFPs behave similarly.

aa1

aa3

800

Retort

160
1 2 3 4 5 6 7 8 910 1 2 3 4 5 6 7 8 910

Normalized time

2.4.2. Duration
The distribution of the durations of the two SFPs
across question types is shown in Figure 3. The only
significant effect was for Question Type of RQ- vs.
ISQ (β = 0.25, SE = 0.071, p < 0.01), indicating that
the duration of SFPs in RQ- contexts is longer than
that in ISQ contexts. The durations of SFPs among
ISQ, RQ+, and Retort contexts were not significantly
different. All the other effects and interactions were
not significant.
3. DISCUSSION AND CONCLUSION
The results from our production study show that the
SFPs aa1/aa3 are realized distinctly in terms of F0
contour and duration under different question types.
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The setting for each parameter of the algorithm was as
follows: time step = 0.001 s, maximum number of candidates = 15, silence threshold = 0.03, voicing threshold = 0.45, octave cost = 0.01, octave-jump cost = 0.35,
voiced/unvoiced cost = 0.14. The values for pitch floor
and pitch ceiling were adjusted based on the F0 range of
the target sentence in question. The value for the time step
was set to be smaller than the default so that the algorithm
returned more pitch values. The other values were all algorithm defaults.
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In this paper, we present and discuss the results of
an experiment that was designed to investigate the
prediction of DPs from their contexts. As our goal is
to better understand the impact of prosody on the
perception of DPs, the prediction has been assessed,
on the one hand, using only text data, and on the other
hand, using audio data accompanied with text. These
experiments give insights on how DPs are perceived
as commutable, with respect to their pragmatic
functions. For this study, we focused on six French
words which are frequently used as DPs: ‘alors’ (so),
‘bon’ (well), ‘donc’ (thus), ‘enfin’ (finally/anyway),
‘quoi’ (what), ‘voilà’ (there you go). The results of
our auditory test should also indicate whether DPs of
uniform pragmatic functions are perceived as
commutable and how prosodic features help listeners
in identifying considered DPs.
In addition, an analysis of prosodic patterns of
DPs with respect to their pragmatic functions has
been conducted. This study relied on an automatic
clustering of the F0 (fundamental frequency) values
over the DPs (i.e., the DP and preceding and
following words). F0 values were extracted from a
large number of occurrences of DPs taken from a
large speech corpus. Resulting clusters are analysed
with respect to the DPs and their pragmatic functions.

ABSTRACT
The goal of this study is to investigate how prosodic
parameters can contribute to retrieving the pragmatic
meaning of words with considerably diminished
semantic content. The paper focuses on six French
words used as discourse particles (DP): ‘alors’ (so),
‘bon’ (well), ‘donc’ (thus), ‘enfin’ (finally/anyway),
‘quoi’ (what), ‘voilà’ (there you go). Prosodic
properties of DPs are analysed with respect to their
pragmatic functions, using occurrences of
these words extracted from a large speech corpus, and
manually annotated with pragmatic labels. It was
found that occurrences with the same pragmatic value
have a great tendency to share the same prosodic
pattern; hence, the question of their commutability
arises. An auditory test has thus been conducted to
find out whether DPs of uniform pragmatic functions
are perceived as commutable and how prosodic
features help listeners in identifying considered DPs.
The results are analysed and discussed with respect to
pragmatic functions and prosodic patterns.
Keywords: prosody, pragmatics, discourse particles,
F0 patterns
1. INTRODUCTION
There has been a growing interest in discourse
particles (DP) during the past decades and many
researchers have been studying this semanticopragmatic discursive phenomenon ([12], [13], [14],
[15], [18]). There are also numerous studies on how
prosody can express emotions or attitude of the
speaker in utterances, that is, prosody adds nonlinguistic load to an utterance conveying other
pragmatic functions ([3], [12], [24]).
However, scant attention has been paid to prosodic
features of DPs and this is even more so in the case of
French DPs. Some of recent studies have focused on
how prosodic features of DPs differ from the ones of
their non-DP usage ([1], [2], [6], [7], [8], [9], [19]). In
these studies, relevant prosodic patterns were found
for DP and non-DP usage of the same word as well
for different pragmatic functions that DPs obtain not
only in their linguistic context but also situational
one. Therefore, prosody can be considered as a good
indicator to predict DPs’ pragmatic functions which
are hard to detect by lexical content alone.

2. SPEECH DATA
2.1. Speech data and annotation

DPs in this study were extracted from a large set of
French speech corpora comprised of several hundred
hours of recording; ORFEO project [23] and ESTER2
evaluation campaign [16]. To avoid being biased by
a single type of speech style, these corpora were
chosen as they exhibit a large variety of speech styles
ranging from storytelling and prepared speech to
more spontaneous speech of interviews and
interactions. Automatic speech-text alignments were
carried out on these speech corpora (see [20] for more
detail).
Approximately 1,000 occurrences per studied
word were randomly selected and manually annotated
after listening to a speech segment spanning each
considered occurrence (15 words before and 15 words
after). For each word, around 70% of the occurrences
were identified and annotated as DP, and then their
specific pragmatic value label was attributed. Some
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of the pragmatic functions are shared across different
DPs, such as introduction, conclusion, reformulation,
hesitation, etc. (see Table 2 for details).

3. DP’S INTERCHANGEABILITY TESTS
As mentioned in the previous section, some DPs share
the same pragmatic functions. Moreover, prosodic
analysis of DPs (cf. [21]) found that DPs with the
same pragmatic functions have also very similar
prosodic patterns. Therefore, our hypothesis is that
DPs of such occurrences may be interchangeable,
which was investigated in the following experiments.
In order to also evaluate the contribution of the
prosody in DPs identification, two separate
experiments were carried out; one relying only on
textual information, and the other combining textual
and audio data.

Table 1: Annotation agreement rates
Nb. of annotators
Occurrences
Agreement by 3 annotators
44.0%
Agreement by 2 annotators
38.7%
No agreement among 3 annotators
17.3%

A subset of the data has been annotated by three
experts. Table 1 reports an analysis of the inter
annotator agreement. A total agreement among the
three annotators is observed in 44% of the
occurrences, and an agreement between two
annotators is observed in 38.7%. Therefore, there is
an overall agreement between at least two annotators
for 82.7% of the occurrences.

3.1. Experimental set-up

2.2. Pragmatic functions

DPs under consideration in this study are as follows:
‘alors’ (so), ‘bon’ (well), ‘donc’ (thus), ‘enfin’
(finally/anyway), ‘quoi’ (what), ‘voilà’ (there you go),
which are the most frequent DPs in our corpora.
Semantic load of a word when used as a DP is
significantly lighter compared to the one when used
as non-DP. However, pragmatic meanings remain
and this can be multi-categorical for the same DP.
Table 2: Pragmatic functions of DPs
alors
introduction
reintroduction
conclusion
hesitation
addition
interaction
emotion
confirmation
parenthetical
interruption
dialog transition
reformulation
correction
evidence
punctuation

X
X
X
X
X
X
X

bon

X
X
X

donc
X
X
X
X
X

enfin

quoi

voilà
X

X
X
X

X

X

X

X

X

X
X
X
X

X
X
X

X
X
X

Manually attributed pragmatic labels were defined
based on the literature ([5], [10], [12], [22]) and then
refined according to their usage in the speech corpora
used. Table 2 shows how pragmatic functions are
distributed and shared throughout different DPs.
Occurrences where a DP was used combined with one
or several other DPs were annotated as ‘complex-DP’
and excluded from our analysis for this paper.
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The experiments rely on data extracted from the
speech corpora described in Section 2. Segments
containing 10 to 15 words before and after the DP
were presented to participants, after removing the DP;
the participants had to indicate what was the missing
DP in the given context. Data were presented either
as text only, or as text with associated audio. The
objective of these experiments was to find out
whether DPs with the same pragmatic functions are
perceived as commutable; and how prosodic
information helps listeners in identifying the
appropriate DPs in the context. There were 53
participants, all native French speakers, mainly
undergraduate and graduate students in the linguistics
department.
20 stimuli of various pragmatic functions for each
DP were chosen from randomly extracted data
according to the following criteria: good sound
quality and articulation clarity. Each DP is situated
approximately in the middle of the speech segment,
containing left and right contexts sufficiently large to
allow a correct interpretation of the conveyed DP’s
pragmatic function. Using manually checked and
corrected segmentations, the speech segments
corresponding to the DPs are replaced by a ‘hum’
sound that has the same prosodic characteristics as the
DP it replaces; this is achieved using an
anonymisation script on Praat (cf. [18]). The
resynthesised speech signal preserved the DP’s
original duration for the sake of speech rate coherence
of each stimulus, whereas its energy level was set to
6 dB higher than the energy of the DP for a better
perception during the tests.
In the text test, only the text transcription of the
speech signal was presented. The DPs were erased
from the text and their place was indicated by
underline characters. In the audio test, the speech
signal was presented, accompanied by the text, in
order to aid the comprehension since the utterances of
DPs are generally very short and it was possible for

In addition, the average rank is lower (closer to 1)
in the audio tests than in the text tests. This indicates
that participants placed the correct DP as their first
choice, more frequently when the audio signal is
provided, than when the context was presented only
in text form. This demonstrates that DP identification
was facilitated by audio signals, that is, by the
presence of prosodic information.

the participants to not perceive their place correctly.
The tested DPs were the same in the two test sections
(text and audio tests). The participants accessed the
tests online and they were allowed to listen to the
examples as many times as they wished for a better
comprehension. Participants were asked to make 3
choices of possible DPs in the context of prompt. The
first choice was mandatory while the 2nd and 3rd were
optional (see Figure 2).

Table 4: Most frequent first rank answers for
various DPs and various pragmatic functions,
when predicting DP from Text or from Audio

Figure 1: Auditory test screen for audio tests

Text
addition
alors 41% alors, 24% donc
donc 48% donc, 19% bon, 15% alors
conclusion
alors 29% donc, 27% alors, 14% bon
bon 30% voilà, 21% alors, 15% bon
donc 42% donc, 19% enfin, 18% alors
quoi 46% quoi, 17% alors, 11% enfin
hesitation
alors 80% alors, 8% enfin, 8% donc
bon 29% bon, 25% voilà, 25% alors
introduction
alors 39% alors, 23% donc, 13% bon
donc 51% alors, 37% donc, 7% bon
reintroduction
alors 30% donc, 20% alors, 20% enfin
donc 32% alors, 26% donc, 15% quoi

3.2. Results

Table 3 reports the results of the text and audio tests.
It indicates the percentage of times the participants
answered with the correct missing DP in the first rank
answer, or in any of the answers (i.e. including the
optional 2nd and 3rd answers), and the average rank of
the answers corresponding to the missing DP. An
average rank close to 1 indicates that the missing DP
was correctly identified mainly as the first choice
(first rank answer).

interruption
bon 38% bon, 26% enfin, 15% alors

alors
bon
donc
enfin
quoi
voilà

In one of the
answers (%)
Text Audio
51
65
39
59
62
68
52
49
60
77
52
61

51% alors, 21% donc
52% donc, 18% alors
31% alors, 27% donc
51% bon, 20% voilà
53% donc, 15% alors
66% quoi, 13% voilà
87% alors, 13% bon
62% voilà, 38% bon
57% alors, 18% donc
65% donc, 31% alors
35% alors, 35% donc
31% donc, 26% bon,
24% alors
30% enfin, 30% bon

Table 4 presents more detailed results for a few
pragmatic functions that are common to different DPs
and the most frequent first rank answers. For
example, considering the items corresponding to the
DP ‘alors’ with pragmatic function ‘addition’, in the
text test, 41% of the first rank answers were ‘alors’,
and 24% ‘donc’; in the audio test, the answer ‘alors’
is more frequent (51%). As predicted, DPs sharing the
same pragmatic functions received significantly more
of confusion in the choice. As can be seen in Table 4,
‘alors’ and ‘donc’, which share almost all pragmatic
functions, occur quasi-systematically in each other’s
occurrences as an alternative option, either as the
most selected or the second.
Even though better correct identification scores
were observed in the audio test, that is, participants
were aided by prosody in their choice of DP, some
DPs still show a certain level of confusion especially
when they share the same pragmatic function. For
instance, for the ‘reintroduction’ pragmatic function,
‘alors’ was confused with ‘donc’ in the text test (30%
‘donc’, 20% ‘alors’). Providing prosody helped
improve the results but the confusion was still
existent (both ‘alors’ and ‘donc’ reached 35%).
For the ‘interruption’ function, ‘bon’ in the audio
test showed even lower rates of correct identification,

Table 3: Percentage of answers corresponding to
the correct DP, and average rank of correct answer
First rank
answer (%)
Text Audio
35
51
24
38
40
51
31
36
46
69
29
44

Audio

Average
rank
Text Audio
1.40 1.28
1.49 1.42
1.41 1.31
1.51 1.34
1.28 1.15
1.59 1.35

Results show that the presence of audio data
facilitates effectively the DP identification compared
to when only text data is given; this reveals that
prosody has an important role in correct DP
identification. For each DP, the audio test has better
rates of correct DP identification compared to those
of the text test. For instance, in the case of ‘quoi’, the
correct choice is present in 69% of the rank one
answers in the audio test compared to 46% in in the
text test.
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observed that DPs sharing the same pragmatic
functions are frequently in the same classes. This
grouping obtained on the F0 patterns can further
support the idea of the DPs’ commutability.
The most frequent F0 patterns of the pragmatic
functions shared by several DPs are described in
Table 5. Two F0 patterns presented in the table for
each pragmatic function are the two most frequently
obtained by the vector quantisation technique for each
pragmatic function. The F0 level ‘low’ corresponds
to a level lower than or equal to 20% of the speaker’s
F0 range and the ‘high’ to higher than 75%.

it was confused with ‘enfin’, indicating that, in this
case, prosody confused listeners to an even greater
extent. This could be explained by the similar
prosodic patterns shared among different DPs with
the same pragmatic functions.
4. ANALYSIS OF F0 PATTERNS
Our tests above show that some DPs, sharing the
same pragmatic function, are interchangeable, even
when audio is provided. Therefore, one can assume
that these DPs should also have similar prosodic
markings when sharing the same pragmatic function.

Table 5: Representative F0 patterns and F0 levels
of each pragmatic function

4.1. Prosodic articulation

F0 movements between DPs and their immediate
contexts (preceding and following words) were
studied to investigate DPs’ prosodic articulation
according to their pragmatic function. F0 movements
measured on DPs and their contexts were classified
into three classes according to the F0 slope directions:
falling, rising, and plateau (Figure 2).

Pragmatic function
conclusion
(all DPs)
addition
(‘donc’,’alors’)
parenthetical
(‘enfin’,’bon’)
reformulation
(‘quoi’,’enfin’)
introduction
(‘alors’,’donc’)
reintroduction
(‘alors’,’donc’)

Figure 2: Example of F0 patterns for DP ‘alors’
w-1

w+1

w-1

w+1

DP

Pitch (Hz)

mieux

alors du coup
Time

falling_plateau

imprimerie alors

F0 Level
low
mid-low
mid
high
low
low-mid
low
mid-low
low-mid
low-high
mid
mid-high

The classes obtained by the vector quantisation
technique grouped several pragmatic functions
together, though some of them were more frequent
than others and thus they strongly influenced the
representative centroid values. However, this
indicates that F0 patterns of different pragmatic
functions can also be similar and this can be why
some DPs not sharing the same pragmatic function
were also confused during the auditory tests.

Pitch (Hz)

DP

F0 Pattern
plateau
falling
plateau
plateau
plateau
rising-falling
plateau
falling
rising
rising
plateau
rising

les

Time

falling_rising

4.2. Prosodic marking of pragmatic functions

In this section, we consider only the F0 patterns to
make the study of the DPs prosodic markings easier,
although we are aware that listeners use all available
prosodic parameters, such as pause occurrences and
their durations, vowel energy, syllabic duration, and
so on. However, one can consider that F0 pattern is
one of the most important prosodic parameters and it
should provide valuable information about the
prosodic articulation of the DPs with their left and
right immediate contexts.
To compare F0 patterns, F0 values are calculated
on three places: on the last syllable of the DP’s left
context (w-1), on the last syllable of the DP, and on
the first syllable of the DP’s right context (w+1). The
F0 values in semi-tones are further normalised
according to each speaker’s F0 range, each F0 value
is thus expressed as a specific level (in %) inside the
speaker’s F0 range.
In order to retrieve representative F0 patterns for
each pragmatic function, a vector quantisation
procedure is used. The representative F0 patterns
correspond to the centroids of the classes. It was

5. CONCLUSION
The main goal of this study was to investigate how
prosodic information can be of use on the perception
and prediction of DPs and whether DPs are
interchangeable when sharing the same pragmatic
functions, thus, sharing similar prosodic patterns.
Results show that prosodic cues do help listeners
correctly identify the DPs. Answers show higher
confusion rates in the case of DPs sharing the same
pragmatic functions, sometimes even when the
prosodic information is provided. To confirm this, a
prosodic analysis was conducted and found out that
different DPs of the same pragmatic functions do
share the same or similar prosodic markings.
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meaning insult was instantiated in the prior context.
Tancredi further suggests that context-specific world
knowledge can further mediate judgments of deaccenting felicitousness - a listener at the Republican
National Convention would be less likely to accept
that insult was instantiated in the discourse context
than one at the Democratic National Convention.
There has not been rigorous empirical investigation of the felicitousness of the deaccenting of constituents made available by entailment, bridging, or
other inference relations. The examples cited in the
literature are marked as acceptable solely on the basis of introspective judgments, and it is far from
clear that they are of the same status as constituents
that are canonically deaccented under exact identity with a linguistic antecedent. The goal of the
present paper is to initiate the empirical investigation of deaccenting licensing under inference relations through the analysis of phonetic correlates of
accent and naive perceptual judgments of emphasis
for verbs that are overtly instantiated in the prior discourse, made available by entailment or a bridging
inference, or completely new to the discourse.

1. INTRODUCTION

2. EXPERIMENT 1: PRODUCTION

Although the exact implementations vary, all theories of accent in English must account for the close
connection between a constituent’s discourse availability and its accent status [12, 10, 6, 7, 13, 9, 15].
One proposal is that a constituent can be deaccented
if it has been instantiated in a structurally isomorphic position in the prior linguistic context. For instance, in the sentence Mary saw John, then Bill saw
Sue, the second saw can be deaccented because it appears in a prior clause of the form x saw y [13].
Notably, it has been proposed that constituents
count as "instantiated" in the discourse both when
they have been pronounced and when they are inferable [6, 7, 13, 9]. For instance, Rooth [7] and Tancredi [13] posit that in She called him a Republican,
and then he insulted her, the verb insulted can felicitously be deaccented if it is assumed that calling
someone a Republican constitutes insulting them,

Experiment 1 examined the production of verbs that
were new to the discourse, verbs inferable from the
prior discourse via entailment or bridging, and verbs
overtly instantiated in the prior discourse. Canonically, a verb that is fully new to the discourse context
should be pronounced with emphasis, while a verb
that is overtly instantiated in the prior discourse and
appears in a structurally isomorphic position should
be pronounced without emphasis [4, 5]. The goal of
the experiment was to compare the production of inferable verbs to the production of repeated and new
verbs to determine whether verbs made available by
an inferencing relation can be deaccented.

The claim that deaccenting of a constituent can be licensed by an entailment or bridging relation in addition to overt instantiation in the prior discourse context has generally not been the subject of rigorous
empirical investigation. In a production study, participants read verbs that were new to the discourse,
overtly instantiated in an antecedent, or made available via entailment or a bridging inference. Analysis of f0 , intensity, duration, and naive judgments
of prominence largely failed to detect evidence that
verbs made available by inferencing relations were
pronounced with less prominence than those that
were new to the discourse, whereas verbs that were
overtly instantiated in the prior discourse were reliably deaccented. The results call into question the
claim that deaccenting can be licensed by inferencing relations and motivate further study of deaccenting under non-identity.

2.1. Design and stimuli

Participants read sentences of the form SVO and
SVO, where the second verb was the constituent of
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interest. The sentences were embedded in carrier
paragraphs that did not make any of the critical sentence constituents discursively available. In the critical sentence, the number of syllables prior to the
onset of the second SVO clause was held constant
for all trials. The second-clause subject was always
a one-syllable proper name, the second-clause verb
was always a two-syllable word with iambic stress,
and the second-clause object was always a twosyllable proper name with trochaic stress. These
stress patterns were chosen only for consistency between items and are not taken as theoretically meaningful. The second subject was always new to the
discourse, while the second object was always repeated.
12 critical items were constructed in 3 conditions. The critical second SVO clause was constant by item. The verb in the first clause was manipulated so that the second verb would be completely new to the discourse (unrelated), available
via an inferencing relation (related), or identical to
the first-clause verb (repeated). In 6 items, the relation between related verbs was one of entailment
(e.g., hugged-embraced). For the other 6 items,
the relation was a possible bridging inference linking the verbs (charmed-seduced). These labels are
used in spite of the fact that the constituents are not
propositions; Schwarzschild [9] presents a strategy
for accounting for this. The strengths of the inferencing relations linking the verbs were normed in a
separate study (“Given that you know Ron hugged
Laura, how likely do you think it is that Ron embraced Laura?”). The mean inferability score for
each group is given in Table 1. In the analysis below, unrelated and repeated verbs are classified in
the “entailment” or “bridging” groups for comparison to the corresponding related verbs, but these labels are not theoretically meaningful for unrelated
or repeated verbs. Table 1 shows a set of sample
stimuli for each inferencing type.

2.2. Apparatus and procedure

The participants viewed the carrier paragraphs and
critical sentences on a screen controlled by the Psychopy program. To ensure that participants were
aware of the relationship between the verbs, they
were instructed to silently read each paragraph in
its entirety and plan how they would pronounce it
before reading it aloud. Each participant read all 12
items in each of the 3 verb status conditions in a random order. The study took place in a double-walled
sound booth. The participants were recorded using a Shure SM10A head-mounted microphone connected to a Zoom H4n recorder.
2.3. Participants

10 native speakers of American English (5 female,
mean age 21.9) participated in the study. The participants were compensated with a cash payment or
course credit.
2.4. Results and analysis

The recordings were manually checked for errors
or disfluencies and then forced aligned using FAVE
[8], which determines phone-level boundaries using phonemic word representations from the HTK
toolkit [18] and the CMU American English Pronouncing Dictionary [16]. The analysis focused on
three acoustic correlates of emphasis: f0 , intensity,
and duration [11, 1, 14]. For the nucleus of each
second-clause subject and the stressed-syllable nucleus of each second-clause verb, the ProsodyPro
script [17] was used to extract the mean f0 , the mean
intensity, and the duration, with manual correction
for creaky voice and other spurious f0 values.
Figure 1 shows the mean measurements by condition for the second-clause verb’s absolute mean
f0 , mean intensity, and duration, as well as mean f0 ,
mean intensity, and duration relativized as a proportion of the value for the second-clause subject. A
visual inspection of the plots suggests that the values for repeated verbs are substantially lower than
for unrelated and related verbs for all phonetic measurements with the possible exception of relative duration for the entailment items. The values for unrelated and related verbs are generally comparable,
although there is an apparent trend that the related
values are slightly lower than the unrelated values.
For each of the six phonetic variables plotted in
Figure 1, separate linear mixed effects regression
models were constructed for the entailment items
and the bridging items. Each model had a main effect of verb status and random effects for participant

Table 1: Sample stimuli for Experiment 1
Verb status
Unrelated
Related
(Entailment)
Repeated
Unrelated
Related
(Bridging)
Repeated

Sentence
Elijah rebuffed Laura, and
Ron embraced Laura.
Veronica hugged Laura, and
Ron embraced Laura.
Christina embraced Laura, and
Ron embraced Laura.
Madeline offended Noah, and
Al seduced Noah.
Angelina charmed Noah, and
Al seduced Noah.
Jocelyn seduced Noah, and
Al seduced Noah.

Mean verb
inferability
1.8 / 7
6.7 / 7
N/A
2.1 / 7
5.5 / 7
N/A
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Figure 1: Absolute and relative mean f0 , mean intensity, and duration by condition. Error bars: Standard error.

and item. In every model except the relative duration/entailment model, there was a significant main
effect of verb status (all p’s<001). Paired comparisons showed that the measures for repeated verbs
were significantly different from those for unrelated
verbs (all p’s<.001) and related verbs (all p’s<.001).
The measures for related verbs were not significantly different from those for unrelated verbs (all
p’s>.2). In the relative duration/entailment model,
the main effect of verb status was significant at the
p=.05 level. The mean relative duration for repeated
verbs was significantly different from that for unrelated verbs (p<.05), while the differences between
related and unrelated (p>.2) and related and repeated verbs (p>.1) were not significant.

sured in the Experiment 1 analysis do not exhaustively describe the emphasis status of the critical related verbs; some other phonetic correlate of emphasis might cause these verbs to be perceived as
deaccented, undermining the conclusions of Experiment 1. Experiment 2 investigated this by soliciting
judgments of the accent status of the recorded critical verbs isolated from their conditioning contexts.
3.1. Design and stimuli

The stimuli were the recorded second SVO clauses
from the Experiment 1 production study. These
clauses were clipped from the original recordings after the word and to isolate the critical clause from
the conditioning environment, the first-clause verb.
Thus, the stimuli retained the 3-condition, 2-group
design of Experiment 1, with the hidden conditioning verb determining an unrelated, related, or repeated status for target verb and the “related” inferencing relation being entailment or bridging.

2.5. Discussion

The phonetic analysis for Experiment 1 indicated
that repeated verbs were produced with significantly
lower mean f0 , intensity, and duration than unrelated
and related verbs, while the phonetic measurements
for unrelated and related verbs were not significantly
different from one another. These results suggest
that repeated verbs were reliably deaccented, while
unrelated and related verbs were not. The fact that
related verbs were not deaccented calls into question the assertion that deaccenting is licensed when
a constituent is made available in the prior discourse
context by entailment or a bridging inference.

3.2. Apparatus and procedure

The experiment was conducted on Ibex Farm [3]
with participants recruited on Amazon Mechanical
Turk. For each experimental item, participants saw
the SVO clause as written text with an indication of
the critical word they should pay attention to. When
they pressed a key to indicate they were ready for
the trial, the recorded SVO clause played and the
participant was asked to make a forced choice between rating the critical verb as emphasized or not
emphasized. Each participant rated 9 verbs in different speaker/condition combinations. Each of the
360 recorded verbs from Experiment 1 was rated 5
times, with 300 observations per verb status/relation
type pair across all Experiment 1 voices and items.

3. EXPERIMENT 2: PERCEPTION
The results of Experiment 1 suggested that related
verbs were pronounced with roughly the same emphasis as unrelated verbs, and thus were not deaccented like repeated verbs were. However, the possibility remains that the phonetic variables mea-
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they were deaccented. Related verbs were not found
to be significantly less emphasized than unrelated
verbs, indicating that they were not deaccented, although there was a numeric trend toward lower emphasis for related verbs.

3.3. Participants

200 participants were recruited on AMT. 10 participants were excluded from the analysis because they
self-reported as non-native speakers of English. 13
participants were excluded for failing to answer at
least 3 of 4 filler items correctly. For the participants included in the analysis, the mean age was
34.3 and 62 were female. Participants received monetary compensation through AMT.

4. GENERAL DISCUSSION
Together, the results of Experiments 1 and 2 suggest that speakers do not deaccent constituents that
are made available in the prior discourse context by
entailment or a bridging inference. Inferable verbs
were produced with f0 values, intensities, and durations that were not significantly different from those
for verbs that were completely new to the discourse,
but were significantly different from those for verbs
that were repeated from the previous clause. Naive
listeners who heard the recorded verbs out of context likewise rated inferable verbs as roughly similar
in emphasis to new verbs and distinct from repeated
verbs. These results undermine the claim that deaccenting can be licensed by inferencing relations like
entailment and bridging, as there is little to no evidence that speakers leveraged these relations when
planning their production of second-clause verbs.
We note here the interesting non-significant trend
toward lower emphasis on related verbs compared
to unrelated verbs in both the phonetic and perceptual data. Further, we are aware of recent work
indicating a small trend toward reduced emphasis
for discourse-accessible nouns [2]. It may indeed
be the case that inferencing relations marginally license deaccenting, although the current results suggest that this effect is nowhere near the magnitude
of canonical deaccenting under repetition.
We also note two limitations of the current study
as an investigation of deaccenting licensing under
inference. First, our results only show that speakers do not deaccent inferable constituents. There
may be an asymmetry between production and perception, such that speakers choose not to deaccent
inferable constituents, but listeners who hear such
a deaccented constituent would rate it as felicitous.
Future studies are warranted investigating whether
deaccenting is optionally licensed in this way.
Second, the Experiment 1 participants were reading artificial sentences and may not have been aware
of the relationship between related verbs and their
first-clause counterparts, incorrectly treating them
as unrelated verbs. Presumably, speakers producing
sentences they planned themselves would be aware
of such relationships, so the possibility remains that
the present study is limited on the basis of ecological
validity and that speakers do indeed deaccent inferable constituents in naturally occurring discourse.

3.4. Results and analysis

Figure 2 shows the proportion of ‘emphasized’ responses by verb status and relation group. A visual
inspection of the plot suggests that repeated verbs
were perceived as emphasized substantially less frequently than either unrelated or related verbs. Unrelated and related verbs appear to have been perceived as emphasized in roughly equal proportions
of trials, although there is a numerical trend toward
lower perception of emphasis among related verbs.
For each relation group, a logistic mixed effects
regression model was constructed with a main effect
of verb status and random effects for item, AMT
participant, and speaker voice. Model comparison
revealed a significant main effect of verb status in
both cases (p’s<.001). Paired comparisons for both
models showed that the proportion of ‘emphasized’
responses was significantly different for repeated
verbs compared to both unrelated and related verbs
(all p’s<.001), while the proportions for unrelated
and related verbs were not different (p’s>.2).
Figure 2: Proportion of ‘emphasized’ responses
by condition. Error bars: Standard error.

3.5. Discussion

The results closely tracked the phonetic measurements found in Experiment 1. Participants rated repeated verbs as emphasized much more rarely than
either unrelated verbs or related verbs, suggesting
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Table 1: Chru consonants
t
c
k
Ɂ
tʰ
kʰ
d
ɟ
ɡ
ɗ
s
h
m
n
ɲ
ŋ
w
l, r
j

ABSTRACT

p
pʰ
b
ɓ

We describe the register system of Chru, a Chamic
language of Vietnam. In Chru, a historical contrast
between prevoiced and voiceless stops is now a
system of two registers signalled by differences in f0,
voice quality, and F1 in addition to closure voicing.
However, closure voicing is in a state of flux: while
older men maintain closure voicing in the onsets of
low-register items, younger speakers and some older
women frequently have no (or only weak) closure
voicing in this context. In addition, the distribution of
VOT in low register onsets is bimodal, realized either
with strong closure voicing or greater VOT than
voiceless stops. Interestingly, f0, F1 and voice quality
cues are not enhanced after devoiced low-register
stops, but instead are more pronounced after stops
realized with closure voicing. We argue this indicates
that enhancement of cues in phonologization must in
some sense be complete before neutralization takes
place.

formerly voiced stops take on a lower f0 and a breathy
voice quality, and start with lower formants (the low
register). As Chru appears to have redundant voicing
and register, it is an ideal test case to understand the
phonetic underpinnings of registrogenesis.
The first question of interest here is the
relationship between onset voicing and the low
register at the early stages of registrogenesis. While it
has long been established that f0 and F1 are lowered
after voiced obstruents [14, 15, 27-29, 33, 34], the
relationship between voiced stops and voice quality is
less well understood, despite claims that breathiness
is the primary cue in register development [22, 36].
The second question on which Chru could shed
light is the relative importance of acoustic cues in
phonologization. Models of phonologization
typically predict that an enhancement of secondary
properties (here, f0, voice quality and formants) is
necessary prior to the loss of the primary one (here
voicing) [17, 18]. However, as it has been shown that
greater salience of a phonetic property is often
accompanied by a lesser salience of redundant
properties, one might also expect acoustic cue trading
in situations where redundant cues coexist in a speech
community [1, 7, 21, 32].
If Chru is indeed at a stage in which voicing and
register are redundant, there could be individual
variation in the community. Speakers who make more
use of closure voicing (here understood as negative
VOT) should also have a less developed register
system, and vice-versa. Finally, we would expect the
acoustic cues of register to still be mostly located at
the onset of the vowel.

Keywords: Chru, voicing, register, voice quality,
phonologization
1. INTRODUCTION
Chru is a Chamic language spoken by 19,314
speakers in the highlands of southern Vietnam (Lâm
Đồng and Ninh Thuận provinces) [5]. While it has
been described as preserving the Proto-Chamic
voicing contrast in onset stops [9, 20, 30, 35], Fuller
[8:85] notes that it “seems to have a non-contrastive
feature of register in which the vowel and sometimes
the syllable has a lax, breathy quality or a tense, clear
quality. Often the breathy quality is concomitant of
length in the vowel and voicing in the syllable initial
stop.”. Consonants that have developed this so-called
“breathy” register are italicized in Table 1. In fact,
there is evidence that some speakers fully devoice
voiced stops, as illustrated by the minimal pair /tuː/
‘bamboo joint’ vs. /duː/ [duː ~ tṳː ] ‘equal’.
Register is a common type of phonological
contrast that arose from the transphonologization of
voicing in many Mon-Khmer and Chamic languages
[8, 10, 13, 16]. In a typical register system, vowels
following original voiceless stops preserve a
relatively high f0, higher formants, and modal voice
quality (the high register), while vowels following

2. METHODS
Twenty-six speakers (15 female) were recorded in the
villages of Điom A and Proh, in Đơn Dương district,
Lâm Đồng province, Vietnam. They were all highly
proficient in Vietnamese.
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2.1. Experiment

random slopes, as models including slopes did not
converge.

Participants were recorded producing a wordlist
composed of 60 real words containing target syllables
made up of all possible coronal and velar onsets /t, d,
ɗ, tʰ, s, n, l, r, k, g, kʰ, ŋ/ with the vowels /iː, ɛː, aː, ɔː,
uː/. Target syllables were always stressed and in
word-final position. In most words, an unstressed
syllable preceded the target syllable (44/60). As we
know that sonorants can be affected by register
spreading in other Chamic languages, onset sonorants
will only be reported if they are monosyllable-initial
[12, 35].
Target words were recorded 4 times each in the
frame sentence:

3. RESULTS
3.1 Obstruents

As shown in Fig. 1, results reveal that aspirated stops
have a strong positive VOT while implosives have a
strong negative one (implosives with a positive VOT
are all instances of the word /ɗuː/, which is a proper
name used in a legend that may not have been familiar
to all speakers). Plain stops have a short VOT in the
high register, but are split into two groups in the low
register. They can either be realized with a negative
VOT or with a positive VOT that is slightly longer
than that of voiceless stops. Low register stops with a
positive VOT are slightly more aspirated than high
register stops (+5.5 ms, t=3.3), but this effect is
entirely attributable to velars.

/kəw ɗəːm bɔh akʰaːr ___ təː saɁaːj
paŋ/
I
say CLF word ___ for older.sibling hear
“I say the word ___ for you”.
Participants heard the words in Vietnamese and had
to translate and produce them in the frame sentence
(there is no principled reason to expect interference).
Data was acquired with a Beyerdynamic 55.18 Mk II
microphone connected to a Marantz PMD-660 digital
recorder.

Figure 1: Stop VOT, by place and register

2.2. Data processing and analysis

Annotation of the 6,119 target syllables was done out
in Praat [2]. For stops, the beginning of the closure,
the release and the onset of voicing were marked. The
beginning and end of sonorants and vowels were also
annotated. Measurements were obtained with
PraatSauce, a Praat-based application for spectral
measures based on VoiceSauce [23, 31].
Measurements of f0, F1, F2 and H1-H2 were also
obtained at every 1 ms of the target vowel. 25 ms
measurement windows were used, which means that
the initial and final 12 sampling points of vowels had
to be dropped. Files with tracking errors over more
than a fifth of their duration were not used (6.5% of
the files). Individual f0 and formant measures were
also excluded if they differed from the 10 closest
measures by more than 2 standard deviations.
We corrected H1-H2 measures (hence H1*-H2*)
for formant frequencies and bandwidths [11, 19]. All
measures were then z-normalized by speaker. To
ensure readability, z-scores were converted back to
familiar scales based on means and standard
deviations obtained from the entire data set.
Meaningful differences were tested with mixed
models using the R package lmerTest [26].
Dependant variables will be indicated where relevant.
Unless indicated otherwise, register, place and vowel
were used as fixed factors. Random effects included
random intercepts for subject and word, but no

This variation in the realization of low register
plain stops seems socially structured, as shown in Fig.
2. Older men appear to have a higher proportion of
stops with closure voicing, but the effect is weak (a
linear model with age and sex as predictors yields an
estimate of 0.012 for Male*Age, p = 0.08).
Figure 2: Proportion of low register plain stops
with negative VOT
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articulation). This difference persists for 200-250 ms,
depending on the vowel, which is a much greater
temporal extent compared to other cues. Again,
sonorants are much closer to high register stops than
low register ones. As no significant effect was found
across vowels for F2, it is not reported here.

Closure duration is significantly shorter in low than
in high register plain velar stops (-39 ms, t = 2.5), but
not in coronals.
3.2 Vowels

No significant difference in vowel duration was found
after high and low register plain stops, but f0, voice
quality and vowel quality seem to distinguish
registers in a typical manner. As shown in Fig. 3,
there is a difference in f0 at vowel onset after high and
low register stops (this difference is significant for
most, but not all, combinations of vowels and places).
This difference disappears after about 75 ms.
Sonorants pattern a bit closer to high register stops
than to low register stops.

Figure 5: Mean F1 in the first 200 ms following
low and high register plain stops (sonorants given
as reference; as there is no low register /ɛː/ in the
dataset, this vowel is excluded). Shading: 95% CI.

Figure 3: Mean f0 in the first 200 ms following low
and high register plain stops (sonorants given as
reference). Shading: 95% CI.

3.3. Acoustic cue trading

A similar difference is found for H1*-H2* in Fig.
4. Vowels following low register plain stops have a
much higher H1*-H2* (i.e. are breathier) than their
voiceless counterparts. This difference is significant
in all combinations of vowels and places of
articulations, except for /iː/ after velars and is
maintained for approximately the first 50 ms of the
vowel. Sonorants seem a bit closer to high than low
register stops.

A comparison of fully devoiced low register stops
with those that maintain a negative VOT reveals that
the former are closer to the high register. In Fig. 6,
devoiced low register stops have a higher f0 than
those with negative VOT (significant for all vowels
and places, except /ɔː/ after coronals).
Figure 6: Mean f0 in the first 200 ms following
negative VOT and devoiced low register stops (high
voice stops given as a reference). Shading: 95% CI.

Figure 4: Mean H1*-H2* in the first 200 ms
following low and high register plain stops
(sonorants given as reference). Shading: 95% CI.

In Fig. 7, the H1*-H2* after devoiced low register
stops is also closer to high register stops, but the
difference is only significant in high vowels
following velars.

In Fig. 5, we see that F1 is much lower at the
beginning of vowels following low than high register
stops (significant for all vowels and places of
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highly correlated with register even in tokens that
have not undergone devoicing, it cannot be proved
that voice quality causes the f0 and formant
differences. Moreover, F1 differences endure much
longer in the vowel than H1*-H2* differences, which
suggests that these acoustic properties may not be
produced by the same gesture.
Our results also show that there is no clear trading
relation between voicing and vocalic cues. Low
register stops realized with a positive VOT do not
have more distinct register differences than their
“truly voiced” counterparts. In fact, f0 and, to a more
limited extent, voice quality differences seem greater
after voiced than devoiced stops. There is no space
for a full demonstration here, but this generalization
even appears to hold on a speaker-by-speaker basis.
Participants who systematically realize voicing seem
to have more salient register differences than speakers
who devoice consistently. This suggests that the
realization of phonetic voicing is directly affecting
register cues, and that its loss reduces acoustic
differences between registers. As far as we know, no
acoustic effect can explain this correlation between
closure voicing and register cues, but it has been
proposed that a lowering of the larynx during voicing
could indirectly be responsible for it [3, 4, 36]. We do
not have direct evidence about the vertical movement
of the larynx, but the fact that the acoustic properties
of vowels following sonorants are closer to the
voiceless/high register than to the voiced/low register
series would be consistent with an explanation
involving more than mere vocal fold vibration.
Chru is at a diachronic stage where register is
present in all speakers and has taken over the
contrastive role of voicing, which is now optional and
fully redundant (this is similar to recent results on the
phonologization of f0 in Afrikaans [6]). That even the
speakers that preserve closure voicing have
exaggerated register cues (at the very least F1 and
H1*-H2*), rather than the small precursor effects
typically found in true voicing languages, suggests
that, as argued by Hyman, the enhancement of
automatic phonetic effects occurs before the loss of
the primary cue [17, 18, 24, 25].

Figure 7: Mean H1*-H2* in the first 200 ms
following negative VOT and devoiced low register
stops (high register stops given as a reference).
Shading: 95% CI.

There are too few tokens of low register stops with
negative VOT in each vowel category to report
formant results, but visual inspection does not
indicate any difference between negative VOT and
devoiced tokens.
To sum up, it can be safely claimed that there is no
acoustic cue trading between voicing and register
cues. In fact, results partly pattern in the opposite
direction, as low register tokens with negative VOT
have a lower f0 and tend to be breathier.
4. DISCUSSION
The results presented here confirm Fuller’s claim that
Chru has register. The acoustic cues of register are
typical of languages of the area: H1*-H2* and F1 best
distinguish the two registers, while f0 seems to play a
real, but more limited role in the contrast. As expected
in a conservative register system, these acoustic
properties are maximally different at vowel onset, but
the F1 difference is maintained for as long as 200-250
ms. F2 and vowel duration do not seem to be
associated with register.
However, contrary to what was proposed by Fuller
in the 1970s, register no longer seems to be fully
redundant with voicing. Voiced stops are now mostly
realized with a positive VOT by a majority of
participants in our sample. This VOT is a bit longer
than that of high-register stops in velars (+5.5 ms),
but the small size of this effect and the lack of any
difference in coronals would argue for a
neutralization of the voicing contrast. Whether the
more frequent preservation of voicing by older men
indicates that change has taken place since the 1970s
or that there is a stable, structured variation in the
community is not a question we can answer with our
limited sample.
As Chru seems to be a conservative register
language, the strong difference in breathiness (H1*H2*) associated with the register contrast could be
interpreted as a confirmation of Thurgood’s claim
that voice quality is central in initial stages of
registrogenesis [36]. However, as F1 and f0 are

5. ACKNOWLEDGEMENTS
We would like to thank our Chru consultants, more
especially Touneh Mabio, Gia Đăm Kai and Touneh
Hàn Mai, who have helped us conduct our research in
Đơn Dương. We also want to thank our RAs, SueAnne Richer, Belén López and Sabrina McCullough.
This work was made possible by grants from the
Social Sciences and Humanities Research Council of
Canada [435-2017-0498] and the UK Arts and
Humanities Research Council [AH/P014879/1]

520

[17] Hyman, L. 1976. Phonologization. In: Juilland, A.
(ed), Linguistic studies presented to Joseph H.
Greenberg. Saratoga: Anima Libri. 407-418.
[18] Hyman, L. 2013. Enlarging the scope of
phonologization. In: Yu, A. (ed) Origins of sound
change: Approaches to phonologization, Oxford:
Oxford University Press, 3-28.
[19] Iseli, M. and Alwan, A. 2004. An improved
correction formula for the estimation of harmonic
magnitudes and its application to open quotient
estimation. Proc. of the Int. Conf. on Acoust., Speech,
and Signal Processing (ICASSP'04) 72 (1), 669-672.
[20] Jrang, J.K., Wi, J., Dai, J., Ngai, J., Fuller, E. 1977.
Yàu akhar ia Chru; Ngữ-vựng Chru; Chru
vocabulary. Manila: Summer Institute of Linguistics.
[21] Kang, Y. and Han, S. 2013. Tonogenesis in early
Contemporary Seoul Korean: A longitudinal case
study. Lingua 134 62-74.
[22] Kingston, J. 2011. Tonogenesis. In: van Oostendorp,
M., Ewen, C., Hume, E., Rice, K. (eds), Blackwell
Companion to Phonology. Blackwell. 2304-2333.
[23] Kirby, J. Praatsauce: Praat-based tools for spectral
analysis. 0.2.4. https://github.com/kirbyj/praatsauce.
[24] Kirby, J. and Ladd, R. 2015. Stop voicing and F0
perturbations: evidence from French and Italian. Proc.
of the 18th ICPhS, Glasgow.
[25] Kirby, J. and Ladd, R. 2016. Effects of obstruent
voicing on vowel F0: Evidence from "true voicing"
languages. J. Acoust. Soc. Am. 140 (4), 2400.
[26] Kuznetsova, A., P. Brockhoff, and R. Christensen.
2017. lmerTest Package: Tests in Linear Mixed
Effects Models. J. Stat. Software 82 (13), 1-26.
[27] Lisker, L. 1975. Is it VOT or a first‐formant
transition detector? J. Acoust. Soc. Am. 57 (6), 15471551.
[28] Lisker, L. 1986. “Voicing” in English: a catalogue of
acoustic features signaling /b/ versus /p/ in trochees.
Language and Speech 29 (1), 3-11.
[29] Ohde, R. 1984. Fundamental frequency as an
acoustic correlate of stop consonant voicing. J.
Acoust. Soc. Am. 75 (1), 224-230.
[30] Phạm, X.T. 1955. Đa-Ngữ Tiểu Từ-Điển (Lexique
Polyglotte). Đà Lạt: Nhà in Langbian.
[31] Shue, Y.-L., Keating, P., Vicenik, C., Yu, K., 2011.
VoiceSauce: A program for voice analysis. Proc. of
ICPhS XVII, Hong Kong, 1846-1849.
[32] Shultz, A., Francis, A., Llanos, F. 2012. Differential
cue weighting in perception and production of
consonant voicing. J. of Acoust. Soc. Am. 132 (2).
[33] Stevens, K., House, A. 1956. Studies of formant
transitions using a vocal tract analog. J. Acoust. Soc.
Am. 28 (4), 578-585.
[34] Stevens, K. and D. Klatt. 1974. Role of formant
transitions in the voiced‐voiceless distinction for
stops. J. Acoust. Soc. Am. 55 (3), 653-659.
[35] Thurgood, G. 1999. From Ancient Cham to Modern
Dialects : Two Thousand Years of Language Contact
and Change. Honolulu: University of Hawai'i Press.
[36] Thurgood, G. 2002. Vietnamese and tonogenesis:
Revising the model and the analysis. Diachronica 19
333-363.

6. REFERENCES
Bang, H.-Y., Sonderegger, M., Kang, Y., Clayards, M.,
Yoon, T. 2018. The emergence, progress, and impact
of sound change in progress in Seoul Korean:
Implications for mechanisms of tonogenesis. J. of
Phonetics 66 120-144.
[2] Boersma, P., D. Weeninck. Praat: doing phonetics by
computer. http://www.praat.org.
[3] Brunelle, M. 2005. Register in Eastern Cham:
Phonological, Phonetic and Sociolinguistic
approaches. Ph.D. thesis, Linguistics, Cornell U.
[4] Brunelle, M. 2010. The role of larynx height in the
Javanese tense ~ lax stop contrast. In: Mercado, R.,
Potsdam, E., Travis, L. (eds) Austronesian
Contributions to Linguistic Theory: Selected
Proceedings of AFLA. Amsterdam/Philadelphia: John
Benjamins. 7-24.
[5] Central population and housing census steering
committee. 2010. The 2009 Vietnam population and
housing census : completed results. Hanoi: Central
Population and Housing Census, Steering Committee.
[6] Coetzee, A., Beddor, P., Wissing, D. 2018. Plosive
voicing in Afrikaans: Differential cue weighting and
tonogenesis. J. Phonetics 66, 185-216.
[7] Dmitrieva, O., Llanos, F., Shultz, A., Francis, A.
2015. Phonological status, not voice onset time,
determines the acoustic realization of onset f0 as a
secondary voicing cue in Spanish and English. J.
Phonetics 49 77-95.
[8] Ferlus, M. 1979. Formation des Registres et Mutations
Consonantiques dans les Langues Mon-Khmer. Mon
Khmer Studies VIII 1-76.
[9] Fuller, E. 1977. Chru phonemes. In: Thomas, D., Lee,
E., Nguyễn, ĐL. (eds), Papers in South East Asian
Linguistics No. 4: Chamic Studies. Canberra: Pacific
Linguistics. 105-124.
[10] Gregerson, K. 1973. Tongue-root and Register in
Mon-Khmer. In: Jenner, P. Thompson, L., Starosta, S.
(eds), Austroasiatic Studies. Honolulu: University
Press of Hawaii. 323-369.
[11] Hawks, J., Miller, J. 1995. A formant bandwidth
estimation procedure for vowel synthesis. J. the
Acoust. Soc. Am. 97 (2), 1343-1344.
[12] Headley, R. 1991. The Phonology of Kompong
Thom Cham. In: Davidson, J. (ed), Austroasiatic
languages essays in honour of H. L. Shorto. 105-121.
[13] Henderson, E. 1952. The main features of
Cambodian pronunciation. Bulletin of the School of
Oriental and African Studies 14 (1), 453-476.
[14] Hombert, J.-M. 1978. Consonant Types, Vowel
Quality, and Tone. In: Fromkin, V. (ed), Tone: a
linguistic survey. New York: Academic Press. 77-111.
[15] Hombert, J.-M., Ohala, J., and Ewan, W. 1979.
Phonetic Explanation for the Development of Tones.
Language 55 37-58.
[16] Huffman, F. 1976. The register problem in fifteen
Mon-Khmer languages. Oceanic Linguistics special
publication Austroasiatic Studies, part 1 (13), 575589.

521

A GLOTTALIZED TONE IN MUONG (VIETIC): A PILOT STUDY
BASED ON AUDIO AND ELECTROGLOTTOGRAPHIC RECORDINGS
Minh-Châu Nguyễn1,2 , Lise Buchman2 , Alexis Michaud1,2 & Didier Demolin2
1

Langues et Civilisations à Tradition Orale (UMR7107, CNRS – Sorbonne Nouvelle – INALCO)
2
Laboratoire de Phonétique et Phonologie (UMR7018, CNRS – Sorbonne Nouvelle)
{minh-chau.nguyen; didier.demolin}@sorbonne-nouvelle.fr; lise.buchman1@gmail.com; alexis.michaud@cnrs.fr

However, these laryngeal vibratory mechanisms
are characterized as steady states (as found in the
singing voice). In spoken language, states of the larynx can change rapidly: in particular, phonation can
verge briefly on mechanism m0 (creaky voice). To
characterize phonation types beyond the distinction
between laryngeal vibratory mechanisms, we rely
on the framework of reference formulated by Laver
[21], as further refined by recent work [9]. Concerning the specific topic of the present research, we
use glottalization as a cover term for all subtypes of
creak and glottal constriction (following [15]), such
as pressed voice, multiply-pulsed voice, and aperiodic creak (for further detail, see https://github.com/
alexis-michaud/egg/tree/master/gallery).

ABSTRACT
The combination of pitch and glottalization (glottal
constriction or lapse into creaky voice) as relevant
phonetic/phonological dimensions of lexical tone is
found in several language families in Asia. The Vietic subbranch of Austroasiatic stands out in that
all its languages have at least one glottalized tone.
Vietnamese is a well-documented example, but the
others remain little-studied. The research reported
here contributes experimental evidence on one of
these languages: Muong (Mường). Excerpts from
a database of audio and electroglottographic recordings of twenty speakers allow for a characterization
of this dialect's glottalized tone, as contrasted with
the four other tones of this five-tone system. The ultimate goal is to determine what (sub)types of glottalized tones exist in the world's languages, bringing
out typological differences in terms of (i) phonetic
realizations and (ii) degree of importance of glottalization as a feature of linguistic tones.

1.2. Glottalized tones: an under-researched field?

"Southeast Asian languages use different combinations of pitch and phonation type to realize tonal contrasts, and nearly every imaginable combination is
represented" [3, p. 193]. Specifically, the combination of pitch and glottalization as relevant phonetic/phonological dimensions of tone is reported
in Sino-Tibetan (e.g. Burmese [31]), Tai-Kadai [12,
pp. 305, 310]) and Hmong-Mien [1]. In this landscape, the Vietic subbranch of Austroasiatic stands
out in that all its languages have at least one glottalized tone [11]. The glottalized tones of Northern
Vietnamese can by now be considered to be welldocumented phonetically [23, 2, 4, 30, 18], but beyond this textbook example, the tones of the other
Vietic languages (Muong, Maleng, Arem, Chut/Ruc,
Aheu, Hung, Tho) call for experimental phonetic exploration. The research reported here contributes experimental evidence on the Muong language. The ultimate goal is to determine what (sub)types of glottalized tones exist in the world's languages, bringing out typological differences in terms of (i) phonetic/phonological templates and allophonic diversity with respect to the full range of phonetic possibilities and (ii) degree of importance of glottalization
as a feature of linguistic tones.

Keywords: tone, glottalization, creaky voice,
Muong language, Vietic languages.
1. INTRODUCTION
1.1. Terminological framework

Phonation types (laryngeal settings) receive sustained attention from a range of disciplines including
phonetics/phonology, medicine, singing instruction,
language teaching, and signal processing. Nomenclatures are highly diverse, depending on goals and
approaches: in different frameworks, varying degrees of emphasis are laid on acoustics, perception
and physiology, and the range of linguistic phenomena taken into account also varies.
A fundamental distinction is that proposed by [29]
between four laryngeal vibratory mechanisms: m3
is 'whistle'-like phonation, "seldom used either in
speech or in singing"; m2 and m1 roughly correspond to head voice and chest voice, respectively,
and m0 to vocal fry, referred to here as creak or
creaky voice (which we use interchangeably).
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Figure 1: Two realizations of /vwɛj⁴/ ’salt’ in
isolation by speaker F1: (a) creaky voice, (b) glottal constriction. Top to bottom: spectrogram (05,500 Hz), acoustic signal, and EGG signal.

1.3. Experimental challenges

Studying glottalization on the basis of audio signals
is a challenge, in that algorithms for f0 detection
based on autocorrelation give up when the signal is
not quasi-periodic (for a detailed example, see [25,
pp. 8-9]). The choice made here consists in using electroglottography (hereafter EGG) in addition
to audio recording. The EGG signal, which offers
an estimation of the variation in vocal fold contact
area during phonation [10, 13, 28], provides a linear
view of the nonlinear phenomena of vocal fold vibration, i.e. no more than partial information. EGG
is nonetheless well suited to the exploration of glottalization: patterns of vocal fold contact area in glottalization can be discerned on the EGG signal (e.g.
[8]), as will be illustrated further below by Fig. 1.
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The target language is the Muong dialect of Kim
Thuong, province of Phu Tho, Vietnam. It has five
tones on smooth syllables (and two tones on stopped
syllables, not discussed here), shown in Fig. 4. This
language's Ethnologue code is MTQ. Seven field
trips on this dialect were conducted since 2014 (total
time in the field: 18 weeks).
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2.1. Some challenges of phonetic experimental study
in an unwritten language

language, but it is so similar to Muong (somewhat
like German and Dutch) that there is a high risk of interference between languages, creating experimental
bias. Elicitation by means of photos appeared as the
best choice.

Phonetic realizations of the glottalized tone are
highly variable. Fig. 1 shows two realizations of
/vwɛj⁴/ 'salt' said in isolation by the same speaker.
Fig. 1a has creaky voice, with irregular glottal cycles, starting after the first third of the syllable and
lasting until the end. Fig. 1b reveals glottal constriction in the middle of syllable, and a glottalized offset of voicing. When a word is spoken in isolation,
boundary effects are to be expected. Glottalization
is known to be among the phonetic exponents of intonational boundaries (in tonal [20] as well as nontonal languages [5]) and to partake in conveying attitudes [22]. Thus, there is no way to know whether
the final glottalization in Fig. 1a-b is to be ascribed
to the lexical tone or to intonational effects.
To guard against such unintended effects, and to
stabilize the phonetic context, a standard method
consists in having speakers read the target items
inside a carrier sentence [26]. But Muong is an
unwritten language, so reading was not an option.
Vietnamese could have been used for elicitation, as
speakers of Muong are also proficient in this national

Figure 2: Two minimal sets illustrating the five
tones of Muong over the syllables /paj/ and /rɔ/.
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Figure 3: Examples of precise and imprecise
opening peaks on DEGG signal during the same
syllable. Abscissa: in samples (1 sample =
1/44,100 second).

Two minimal sets were repeated two times by 4
speakers (one woman and three men) inside carrier
sentence (1). The latest data (from fieldwork in
2018, adding 8 minimal sets said by 20 speakers)
are currently being processed and should be ready
for presentation in August, 2019.
(1)

/ja² măt⁶

____
ʈăŋ³/
2SG to_know target item INTERROG
‘Do you know ____?’

2.2. Instructions to consultants

The two minimal sets shown in Fig. 2 require explanations to speakers prior to recording. Some monosyllables tend to be expanded into disyllables: for
instance, ‘tortoise’ is /rɔ⁵/ in Muong, but it is often
padded up into /kɔn¹ rɔ⁵/ by addition of a nominal classifier. Part of the preparation with speakers
therefore consisted in explaining that the intended
target item is always a monosyllable. A possible bias
is that the task could become a sort of memory game,
and the effort of remembering the intended syllable
could compete with the demands of consistent, clear
phonetic realization. But with just two minimal sets,
we found that the procedure went well with all participants.

space, results from speakers M5 and M6 cannot be
set out here. All data and figures for these speakers
are available from a Github repository: https:
//github.com/MinhChauNGUYEN/ICPhS-2019.
Further discussion is also provided in a MA thesis
available online [25].
The obtained results reveal that glottalization sets
Tone 4 apart in terms of both of the acoustic properties under study. Firstly, f0 values for Tone 4 drop
from about 125 Hz to minimum values more than
eight semitones lower before rising again in the second half of the rhyme, whereas the four other lexical
tones are inside a range between 100 and 150 Hz.
Secondly, most tones have Oq values in the mid
part of the speaker’s range. In particular, Tone 2 and
Tone 5 have similar values, around 50%; Tone 1 and
Tone 3 are slightly lower, around 40%. Tone 4 is remarkably different. Its Oq plunges from initial midrange values to the very bottom of range: below 30%
(rising back to mid-range values at the end), which
constitutes a telltale indication of glottalization.
Thus, both f0 and Oq for Tone 4 are very different from the other tones, for the same reason: glottal
constriction is strongly reflected in these two parameters, with longer cycles and longer closed phase inside each cycle.

2.3. Electroglottographic analysis

Fundamental frequency (f0 ) and glottal open quotient (Oq ) were estimated from the derivative of
the EGG signal, DEGG [14], using Peakdet, a
script available from the COVAREP repository
[6]. (An implementation in Praat is also available
[19].) Peakdet is designed for semi-automatic
measurement: the results for each token are verified
visually. Estimating Oq requires the presence of
a clear opening peak on the DEGG signal inside
each cycle, a condition that is (by far) not met in
all cases. ‘Imprecise peaks’ can mean that there
are several peaks during the opening phase, or no
well-marked opening peak at all. Fig. 3 illustrates
examples of precise and imprecise peaks. When
visual inspection shows that there is no single,
clear opening peak, no estimation of Oq is provided
for that cycle, as in the creaky portion in Fig. 1a.
This explains the irregularity of the curves in Fig. 4b.

4. DISCUSSION
There have been various proposals on how to categorize phenomena variously labelled as creak, vocal fry, laryngealization, and glottalization [27, 17].
We provisionally distinguish here between creaky
voice (a.k.a. phonation mechanism zero [29]), on
the one hand, and on the other hand glottal constriction, which in some cases corresponds to press/tense
voice as characterized in [17]. Proposals for dividing creaky voice into subtypes are offered in an online gallery: https://github.com/alexis-michaud/egg/

3. RESULTS: HOW TONE 4 STANDS OUT
IN THE TONE SYSTEM
Fig. 4 shows the time course of f0 and Oq for the
Muong tone system by speaker M1. For reasons of
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tree/master/gallery. These subtypes are all attested
in realizations of Tone 4 in Muong.

erage f0 at 120 Hz and average Oq at 38%.
Concerning the distribution of allotonic variants: in deliberate speech (tending towards hyperarticulation), Tone 4 is canonically produced with
creaky voice, although glottal constriction is also attested.

For example, coming back to Fig. 1, there are
striking differences between the two realizations
of the same syllable /vwɛj⁴/ 'salt' in isolation by
speaker F1. The lapse into creaky voice in Fig. 1a
is noticeable both in the audio and in the EGG signal by a decrease in amplitude and a salient change
in waveform shape. In addition, the f0 curve is 'sawlike', and Oq cannot be calculated for want of a clear
division of the successive glottal cycles into a closed
phase followed by an open phase. On the other hand,
Fig. 1b has continuous curves of f0 and Oq with av-

This helps place Muong in typological perspective. In some languages, glottalization is no more
than a low-level by-product of low pitch targets [32,
20]; in others (phonation-type register languages),
glottalization is a distinctive phonological property
on its own [7]; and in yet others, such as Muong
and Vietnamese, both pitch and glottalization matter, to varying degrees [16]. Muong is provisionally proposed as an example of a language having a lexical tone that includes creak as part of
its phonetic/phonological template. Typologically,
this canonical realization appears sufficiently distinct from the glottal constriction of Northern Vietnamese tones (final in Vietnamese tone B2, medial
in Vietnamese tone C2 [4]) to warrant recognition as
a separate type of glottalized tone.

Figure 4: The tone system of Muong: curves
of (a) f0 and (b) Oq (with standard deviation).
Speaker M1, 20 tokens.

F0 in Hz (Error bars: standard deviation)
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5. CONCLUSION AND PERSPECTIVES
100

The pilot study reported here suggests that glottalization is central to Tone 4 in Muong, with creaky
voice as its canonical realization and glottal constriction as a variant. Ongoing work on data from twenty
speakers (ten women and ten men) now extends the
investigation through a wider range of materials (including spontaneous speech: narratives and songs),
and with statistical tools, to verify how close a match
there is between phonetic creak and Tone 4 in spontaneous speech, and what patterns of allophonic variation emerge. A goal is to allow for a finer typological
picture of phonological association of glottalization
to tone.
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In the mid run, a perspective will consist in relating observations on audio and EGG data with laryngoscopic evidence, to understand phenomena at the
glottal and epiglottal levels, e.g. the implication of
the false vocal folds during creak [24].
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ABSTRACT

tages in language processing, especially for tone and
intonation. However, it remains controversial how
much language processing can be affected by amusia. For example, although people with amusia experience impaired pitch processing in music [11, 1],
most amusic Mandarin speakers have little trouble
perceiving tones [27, 10], and only a subset of them
show impairment in tone perception. However, even
this subset of speakers had normal tone production
[20, 17]. An interesting question thus arises: How
are these speakers able to acquire normal tone production if they struggle to perceive pitch cues?
Nan et al. [20] proposed two possible explanations: 1) production and perception of pitch have
different neural pathways, and 2) amusic individuals
use non-pitch based cues to guide their production
of pitch. The first hypothesis is unlikely, since auditory feedback is crucial for language acquisition.
If speakers cannot hear pitch, it would be not possible for them to develop reliable production. The
second hypothesis is not necessary, because speech
cues are often highly redundant, and pitch perception and production can be mapped onto multiple
acoustic cues. Therefore, in this study, we propose
an alternative hypothesis: People who struggle with
f0 discrimination can use acoustic cues that co-vary
with f0 to acquire pitch distinctions.
It has been well-established that voice quality covaries with pitch, and higher pitch is naturally associated with tenser voice [9, 24]. Acoustically, tenser
voice has a flatter spectrum [6]. In pitch perception,
previous studies have shown that spectral slope manipulations can cause significant shift in pitch perception, with tenser voice judged as being higher
in pitch [14, 15]. Moreover, Kuang [14] found that
non-musicians were more affected by spectral slope
manipulations than musicians. In this study, instead
of using self-reported musician labels, we examined whether continuous musicality scores could be
a predictor of pitch perception strategies. To test our
hypothesis, we ran a pitch perception experiment
with varying spectral slope and f0 cues as well as a
musicality test. We predict that subjects with higher
musicality scores would be more likely to rely on
f0 in pitch perception, whereas less musical subjects

Musicality, the aptitude for pitch and rhythm processing, is associated with language processing and
acquisition. Previous studies have found that listeners integrate spectral and f0 cues in pitch perception.
In this study, we investigate whether musicality and
language background affect the cue integration process in pitch perception. Speakers from both a tone
language (Mandarin) and a non-tone language (English) were recruited. The subjects first participated
in a pitch perception experiment to test the effects of
spectral slope and f0 on their pitch judgments, and
they then took the Montreal Battery of Evaluation
of Musical Abilities. The results show that subjects
with higher musicality scores were more likely to
rely on f0 in relative pitch judgment, while subjects
with lower musicality scores were more affected by
differences in spectral slope. There were no differences between the two language groups.
Keywords: Musicality, pitch perception, tone language
1. INTRODUCTION
Music and speech share similar acoustic cues. While
studies in hemispheric lateralization show that music processing and speech processing occur in the
right and left hemispheres respectively [3, 26], music and speech may share similar processing mechanisms [21, 28]. Indeed, musicality, or the aptitude
for processing rhythm and pitch, has been found to
facilitate language acquisition and processing. For
example, musicians generally are faster and better at learning second languages than non-musicians
[16, 18, 23]. Musical training is also helpful for first
language acquisition, and it has been shown that music training can improve linguistic processes such
as pitch processing [19], segmentation [5], reading
ability [19, 25], and verbal memory [8].
Since musicality is beneficial for language learning, people with poor musicality and especially people with congenital amusia (a neurogenetic disorder in pitch perception) might face major disadvan-
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Figure 1: a) The spectral slope is flattened to created tenser-sounding phonation. b) The f0 contours for the stimuli.
The second peak is a continuum of 11 f0 steps.

would be more influenced by spectral cues. We recruited both tone and non-tone language speakers,
as exposure to contrastive pitch differences in tone
languages might lead to better pitch processing.

In addition to spectral slope manipulations, the f0
contour was also modified (Figure 1b). The lowest
f0 was the same for both “ma-MA-ma” peaks (120
Hz). While the maximum value of the first peak
was kept constant at 169.34 Hz, the second peak
was an 11-step continuum varying from 153.06 Hz
to 187.36 Hz (0.35 semitone/step). At step 6, the f0
of the second peak was equal to the f0 on the first
peak. In total, there were 44 distinct stimuli after
spectral slope and f0 manipulations (4 spectral slope
conditions × 11 f0 steps).

2. METHODS
2.1. Participants

Seventy-one native English speakers (age range 1825; mean 19.82) and 44 native Mandarin speakers
(age range 18-50; mean 24.95) were recruited to participate in a pitch perception experiment and then a
musicality experiment.

2.2.2. Procedure
The listeners participated in these experiments in a
sound proof booth. The stimuli were played through
Sennheiser HD 280 Pro headphones. The subjects
were instructed to think of each “ma-MA-ma” as a
word, and upon hearing a stimulus with two “maMA-ma” words, they were asked to do a forcedchoice classification to indicate which of the two
“words” sounded higher in pitch. The presentation
of the stimuli was randomized, and each stimulus
was presented 5 times.

2.2. Experiment 1: Pitch perception

The pitch perception experiment tested each subject’s reliance on f0 and spectral slope cues in a
relative pitch judgment task. This experiment was
adapted from the procedures in [13]. The same stimuli and task were used but the number of stimulus
repetition was reduced.
2.2.1. Stimuli

2.3. Experiment 2: Musicality

The stimuli were resynthesized from the natural
production of a “ma-MA-ma” sequence of a male
speaker. The original phonation of the speaker constituted the “breathy” voice quality in this experiment. A “tense” version of the “ma-MA-ma” sequence was created using TANDEM-STRAIGHT
[12] so that the spectrum was 6 dB/octave greater
than the breathier version. Figure 1a illustrates the
spectral slope manipulation. Each stimulus consisted of two continuous “ma-MA-ma” utterances in
each of the four possible spectral slope combinations
(Table 1). For example, for the BT condition, the listener would hear a breathy “ma-MA-ma” followed
immediately by a tense “ma-MA-ma”.

The Montreal Battery of Evaluation of Musical
Abilities (MBEMA) was used to evaluate each subject’s musicality [22].
Table 1: Summary of the four spectral slope conditions.
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Peak 1

Peak 2

Intended spectral slopes

Tilted
Flat
Tilted
Flat

Tilted
Flat
Flat
Tilted

Breathy + Breathy (BB)
Tense + Tense (TT)
Breathy + Tense (BT)
Tense + Breathy (TB)

Figure 2: Second peak higher response rates by
English and Mandarin speakers. X-axis = f0
steps, y-axis = proportion of responses where
subject chosen peak 2 to be higher.

that test. An overall musicality score was calculated
by summing up the scores for all three tests.
3. RESULTS
3.1. Pitch perception

Figure 2 plots the rates at which subjects chose the
second peak to be higher, and it shows the overall group results for English and Mandarin speakers. Both groups exhibit similar shifts for "breathytense" and "tense-breathy" spectral slope conditions.
When the first peak was breathy and the second
tense, listeners were more likely to select the second peak as higher. However, when the first peak
was tense and the second breathy, listeners chose the
first peak as higher in pitch at higher rates. The main
effects of spectral slope conditions were evaluated
using an MCMC generalized linear mixed-effects
model in R [7]. Separate models were built for English and Mandarin speakers. Spectral slope conditions and f0 steps were the fixed factors, and subjects
were the random intercepts. The main effects of the
spectral slope conditions are summarized in Table 3.

Table 2: Summary statistics of musicality scores
for each of the three tests. Speakers from both
language groups had similar scores.
English

Mandarin

melody

mean
sd

0.88
0.11

0.87
0.09

rhythm

mean
sd

0.89
0.09

0.88
0.09

memory

mean
sd

0.88
0.09

0.90
0.08

total

mean
sd

2.65
0.21

2.64
0.21

3.2. Musicality

Table 2 summarizes the musicality scores for each
test for the English and the Mandarin speakers. Both
groups have similar scores across all three tests. A ttest confirms that group means between the two language groups do not differ (t = -0.275, df = 93.156,
p = 0.784).

2.3.1. Stimuli

3.3. Relationship between musicality and pitch perception

The MBEMA stimuli were short musical phrases
played with different instruments. The phrases were
either played by itself or paired with another musical
phrase depending on the task.

Figure 3: The perceptual shift score quantifies the
subject’s pitch perception strategy. On the left,
subject 57 has a low score and relies heavily on f0,
while subject 6, with a much higher score, shows
significant influence of spectral slope.

2.3.2. Procedure
There were three tasks, evaluating the subject’s ability to identify differences in melody and rhythm and
their memory of musical phrases. Each task consisted of 20 stimuli. The melody test played two
consecutive melodies and asked the subject to identify whether the melodies were the same or different.
The rhythm test also played two consecutive musical phrases, but the rhythm might be different between the two. Lastly, the memory test played only
one melody, and and it asked the listener to indicate
whether they have heard this melody in the previous
tasks. For each subject, the score for each test was
calculated as the percentage of correct answers for

To investigate whether there is correlation between musicality and individual pitch perception
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Table 3: Main effects of spectral slope for every pair of conditions for English and Mandarin speakers. Means of
regression coefficients are followed by 95% highest posterior density intervals in square brackets and p-values.

English

Mandarin

TT
BT
TB
TT
BT
TB

BB

TT

BT

0.11 [0.03, 0.18], p = 0.006
0.53 [0.44, 0.62], p < 0.001
-0.47 [-0.56, -0.38], p < 0.001

0.69 [0.46, 0.89], p < 0.001
-0.97 [-1.20, -0.64], p < 0.001

-1.12 [-1.28, -0.97], p < 0.001

BB

TT

BT

0.22 [0.11, 0.34], p < 0.001
0.62 [0.49, 0.74], p < 0.001
-0.29 [-0.41, -0.18], p < 0.001

0.54 [0.37, 0.74], p < 0.001
-0.71 [-0.94, -0.52], p < 0.001

-1.69 [-2.24, -1.15], p < 0.001

Figure 4: Correlation of musicality and perception scores by English and Mandarin speakers.

0.00079), and for Mandarin speakers, the correlation
is -0.340 (t = -2.34, df = 42, p = 0.024).
4. DISCUSSION
In this study, we investigate the relationship between
musicality and pitch perception strategies in speech.
This study replicated previous findings that listeners use both spectral slope and f0 cues in pitch processing [13, 15]. Overall, listeners judged pitch to
be higher when the higher frequencies of the spectrum were boosted. On the individual level, there
are differences in pitch processing strategies since
some listeners were more affected by spectral slope
cues than others. We hypothesized that subjects with
higher musical aptitude were more likely to rely on
f0, and indeed, the subjects who scored higher on
the musicality test showed less perceptual shift as
the result of differences in spectral slope cues. These
findings have implications for language acquisition.
Although some speakers may be worse at f0 discrimination, we demonstrated that other cues also
matter in pitch perception, and speakers who experience difficulty in discriminating f0 can rely on additional spectral cues in acquiring linguistic distinctions. Therefore, subjects with amusia or tone agnosia may acquire normal tone production by relying on cues that co-vary with f0.
Moreover, we tested whether language experience
had effects on cue preferences in pitch processing.
We found that English and Mandarin speakers had
similar musicality and perceptual shift scores, indicating that being a native speaker of a tone language
does not influence cue integration in pitch processing. This is not surprising, as it has been found that
tone language speakers have similar rates of amusia
as non-tone language speakers [20]. Moreover, tone
language speakers do not perform better on pitch
discrimination tasks than non-tone language speakers [2, 4]. Overall, our results support the idea that
musicality influences linguistic processing, but the
opposite relationship was not found.

strategies, we calculated a perceptual shift score for
each subject. This score was intended to quantify how much each subject was affected by spectral slope in their judgment of relative pitch, and it
was calculated as the sum of the mean differences of
BT and TB from BB and TT: Shift = (BT − BB) +
(BT − T T ) + (BB − T B) + (T T − T B).
Figure 3 illustrates how this score quantifies perceptual shift. Subject 57 has a very low score of
0, and their pitch judgment shows no influence of
spectral slope condition. For all spectral slope conditions, they judged the first peak to be higher for f0
steps 1-5, and their responses changed categorically
at step 6. On the other hand, subject 6 has a much
higher perceptual shift score, and as can be observed
from the plot, they almost always judged the second
peak to be higher for BT and second peak to be lower
for TB. For these perceptual shift scores, there is no
significant difference (t = -0.828, df = 95.752, p =
0.41) between English (mean = 0.466, sd = 0.535)
and Mandarin speakers (mean = 0.384, sd = 0.503).
The perceptual shift scores from the pitch perception experiment are plotted against each subject’s
musicality score in Figure 4. The results from English and Mandarin speakers both show significant
negative correlations between the musicality scores
and the perceptual shift scores. For English speakers, the correlation is -0.392 (t = -3.51, df = 68, p =
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ABSTRACT

disciplinary. For example, knowledge of creaky voice
prevalence patterns across speakers and speaking
contexts may provide sociophonetic researchers with
new insights into its social and communicative
functions [18]. As another example, for speech
pathology researchers, measurement of creaky voice
prevalence would provide an opportunity to evaluate
the often-stated hypothesis that ‘overuse’ of creaky
voice presents a risk to vocal health [1, 9, 2].
Implicit to the quantification of creaky voice
prevalence is the assumption that it is appropriate to
categorically classify phonation as either creaky
voice or not creaky voice. This kind of categorical
delineation of phonation types is grounded in longestablished phonetic theory [13] and is widelypractised in speech science [8], but we do
acknowledge that not all research on creaky voice
takes this approach. For example, some studies have
investigated speakers’ ‘creakiness’ using continuous
acoustic measures [e.g. 20] or qualitative perceptual
scales [e.g. 19]. Our interpretation of these studies is
that their approaches are no less valid than ours, but
do not measure prevalence as we intend it here – i.e.
the percentage of phonation realised as creaky voice
as opposed to some other phonation type.
When the methodological realities of creaky voice
prevalence research are considered, the limitations of
previous research are not altogether surprising.
Creaky voice is typically defined according to
auditory criteria (as we have done in this
introduction), and so detection of creaky voice is
usually achieved through human auditory perception
and annotation [5]. This makes analysis of long
speech recordings across a large sample of speakers
time- and labour- intensive. It also makes duplication
of findings and cross-study comparisons difficult due
to issues of intra- and inter-rater reliability. Though
some automated methods of detecting creaky voice
have been proposed [10, 11], none are yet wellenough established that they are used routinely in
quantitative creaky voice prevalence research [5].
Since most manifestations of creaky voice are
characterised by low fundamental frequency (F0)
[12], it is conceivable that phonation can be classified
as being either creaky voice or not creaky voice, with
a high degree of approximation, using an automated
F0-based method.

Anecdotal claims of increasing prevalence of creaky
voice in varieties of English, particularly among
younger female speakers, have piqued the interest of
sociophonetic researchers, speech pathologists, and
public commentators alike. However, studies
quantifying creaky voice prevalence are few in
number and modest in scale, possibly because manual
annotation of creaky voice – the method most often
used for its detection – is time-intensive. Since low
F0 characterizes most manifestations of creaky voice,
it is conceivable that it can be detected, with a high
degree of approximation, using an automated F0based method. This paper describes such an approach,
drawing on previous work by Dorreen [7], and
explores its application and validity across male and
female speakers of Australian English and across
speaking tasks. Our findings suggest that our
approach is an effective means of estimating creaky
voice prevalence, with potential for generating new
insights in an area where a reliable evidence base is
much-needed.
Keywords: phonation,
creaky voice, prevalence

fundamental

frequency,

1. INTRODUCTION
Creaky voice (‘vocal fry’, ‘glottal fry’, or simply
‘creak’) is a phonation type that auditorily manifests
as a low-pitched and impressionistically ‘rough’sounding voice quality [12]. In public and academic
discourse, it is common to encounter anecdotal claims
that in some varieties of English the prevalence of
creaky voice has recently increased, particularly
among younger female speakers, and particularly in
the United States [14, 17, 23]. However, quantitative
studies on the prevalence of creaky voice in English
are scarce and tend to sample small numbers of
speakers and only short stretches of speech [5]. Thus,
presently, the prevalence of creaky voice in spoken
English is a much-discussed but under-investigated
topic, and commentary on the phenomenon is
commonly rooted in anecdotal rather than empirical
evidence.
The benefits of complementing anecdotal
observations of creaky voice prevalence patterns with
a reliable evidence base are many, and cross-
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There are two important considerations
underpinning the success of such an F0-based
approach. The first is sufficiently accurate detection
of F0. This has previously been difficult to achieve
because many widely-used pitch trackers such as
Praat [3] do not reliably track F0 during intervals of
very low frequency (i.e. those characteristic of creaky
voice)[7]. REAPER [21] is a relatively new pitch
tracker that has been shown to detect glottal closure
instants (GCIs) – from which F0 can be calculated –
with a high degree of reliability, even during intervals
of creaky voice [7, 15]. Once GCI time points are
known, the duration of each glottal cycle can be
calculated, and then, each cycle’s F0. The added
usefulness of REAPER’s GCI analysis is that it can
be used to quantify the total phonation duration
(calculated as the summed duration of all glottal
cycles), which is needed to calculate what percentage
of phonation realised as creaky voice, or in other
words, to calculate creak voice prevalence.
The second condition upon which an F0-based
method relies is the selection of an appropriate F0
value to delineate low F0 glottal cycles – i.e. those
which are likely to be creaky voice – from those with
higher F0. However, selecting an appropriate
threshold is not simple as reports of creaky voice F0
ranges vary across studies [2] and may differ across
speakers depending on speaker sex [16]. If we were
to semi-arbitrarily select an F0 value to delineate
creaky from non-creaky glottal cycles and apply that
threshold uniformly across different speakers, we risk
the detection of creaky voice being more accurate for
some speakers than others. A speaker-specific F0
threshold therefore seems most appropriate. Recent
work by Dorreen [7] has shown potential for a
speaker’s F0 antimode to be used as a threshold for
delineating creaky voice from modal (or non-creaky)
phonation. As Dorreen [7] explains, when speakers
produce both modal and creaky phonation, F0
distributions are typically bimodal (one peak in the
modal F0 range, and one in the creak F0 range). The
antimode is the F0 value that occurs with the lowest
frequency between these two modes.
In this paper, drawing on previous work by
Dorreen [7], we describe an F0-based method for
detecting occurrences of creaky voice to estimate its
prevalence, and investigate the effectiveness of this
across male and female speakers of Australian
English and across speaking tasks.

received the entirety of their primary and secondary
schooling in Australia (and thus deemed to be
speakers of Australian English). We sampled
speakers using the following criteria: aged 18-50
years old, living in the Perth area (i.e. recorded at
AusTalk’s Perth site), who reported no speech or
hearing problems and no voice-impacting health
problems. Recordings of two speech tasks were
obtained for analysis: (1) Read Story, in which the
participants read aloud an Australianised version of
‘Arthur the Rat’; and (2) Retold Story, in which
participants were asked to retell that same story in
their own words. After excluding speakers who did
not have intact recordings of both speech tasks
(n=16), the final sample consisted of 42 speakers; 28
females (aged 19–47, M=28), and 14 males (aged 19–
45, M=25). From this point onwards we refer to
speakers as their AusTalk participant codes.
2.2. Analysis

2.2.1. Preparing the audio files for analysis
A total of 84 .wav files (42 speakers, 2 tasks) were
manually edited to remove sections incongruent with
the task description, e.g. dialogic speech before, after,
or during the task, speech from the data collector,
overlapping speech, laughter, background noise, and
long portions of silence. After editing, the Read Story
recordings were on average 203 seconds in duration,
ranging 159–267 seconds, and Retold Story
recordings were on average 47 seconds in duration,
ranging 16–159 seconds. Each .wav file was divided
into 10-second segments, with the final segment
being 10 seconds plus the remainder.
2.2.2. Detecting GCIs to calculate F0
The segmented .wav files were then processed
through REAPER to obtain the GCI analyses, which
are contained in REAPER’s ‘pitch mark’ output. We
used REAPER’s default settings, but reduced the
‘minimum F0 to look for’ from 40 to 20 Hz because
our priority was accurate detection of low F0 [15].
Once retrieved, the GCI analyses of segmented .wav
files were merged, resulting in 84 pitch mark files
corresponding to 84 .wav files. To catch any
procedural errors at this stage, GCI time points were
written to Praat textgrids for visual inspection
alongside their respective .wav files (Fig. 1). Then,
for each glottal cycle we calculated its duration (the
inverse of the time between one GCI and the next),
and F0 value (its duration / 1).

2. METHODS
2.1. Speakers and speech material

2.2.3. Calculating the F0 Antimode

Audio recordings were obtained from the AusTalk
corpus [4], an Australian corpus of high-quality (44.1
kHz sample rate, 16-bit resolution) recordings made
between 2011 and 2016 of approximately 900
speakers from across the country, all of whom

We analysed the 84 F0 distributions using the R
package ‘modes’ [6] to locate, in this order, the
following: (1) the mode likely to be the modal
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sounding phonation was perceivable was classified
auditorily as creaky voice.

Figure 1: Speaker 3_926 saying “the old”,
showing REAPER’s detection of Glottal Closure
Instants (GCIs) of low and high F0 glottal cycles.

3. RESULTS
Antimodes were detected in 80 of the 84 speech
recordings. For two speakers (2_330 and 3_1212), an
antimode was detected in only one task, and for one
(4_767), in neither task. Due to limited space, here we
report results relating only to the 39 speakers for
whom an antimode was detected in both tasks.
3.1. Antimodes across speakers and tasks

Detected GCIs

Antimodes values were considerably variable across
speakers (Fig. 2), particularly between males and
females (Fig. 3), yet relatively stable within-speakers.
The difference between speakers’ antimodes across
tasks ranged 1.38–13.41 Hz for males (M=8.53,
SD=3.78), and 2.16–28.17 Hz for females (M=10.28,
SD=6.65). The amount of phonation that speakers
produced in their ‘intra-antimode window’ – the F0
range between their two antimodes – was small,
ranging 0.5–2.23% of total phonation in each task for
males (M=0.83, SD=0.63), and 0–5.3% for females
(M=0.64, SD=0.94).

phonation mode (the most frequent F0 value or global
maximum); (2) the mode likely to be the creaky
phonation mode (the tallest local maximum with an
F0 value below the global maximum), and; (3) the
antimode (the least frequent F0 value, or smallest
local minimum, between the two modes). In some
cases, this three-step procedure returned an antimode
that we deemed to be a ‘false’ antimode due to the
creaky phonation mode being detected as a local
maximum on the left side of the modal phonation
distribution curve. After some experimentation, we
decided to include in the automated process a
condition that if the antimode selected had a density
of >0.005 (i.e. was not a ‘convincingly low valley’),
the creaky phonation mode was recalculated as the
next tallest local maximum with an F0 value below
the global maximum, and this was repeated until an
antimode with sufficiently low-density was found.
All antimodes were inspected visually, as in Fig. 2, to
ensure this automated process had identified plausible
antimodes for speaker and task.

Figure 2: F0 distributions, antimodes (•), and
estimated prevalence of creaky voice (%< •) for 39
speakers across two tasks.

2.2.4. Evaluating the effectiveness
To measure the effectiveness of the method, a textgrid
file was created for each .wav file and intervals of
glottal cycles with F0 values below the antimode
were annotated as +Creak; all other sections were
annotated as –Creak. Then, one of the authors
listened to a random sample of +Creak and –Creak,
accruing to a total of 15% of all +Creak and –Creak
predictions (84.41 and 675.8 seconds, respectively),
and noted how much of each interval was correctly
predicted. Accuracy was judged according to the
criterion that creaky voice is ‘a rough quality with the
additional sensation of repeating impulses’ [10], and
decision making was augmented by checking the
spectrogram for widely- and/or irregularly spaced
vertical striations. We made no conceptual distinction
between suprasegmental creaky voice and phonemic
glottalisation (e.g. of voiceless plosives or vowel
onsets/hiatuses); any speech in which creaky-
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with a high level of accuracy. That there was similar
accuracy across male and female speakers, despite the
antimodes of female speakers being considerably
higher than male speakers, supports the use of a
speaker’s F0 antimode as a speaker-specific criteria
for the automated detection of creaky voice. We see
this method having many potential applications,
including in the selection of stimuli for experimental
creaky voice perception studies. Because it is
automated, it is efficient enough to be used with large
numbers of speakers and long stretches of speech,
potentially generating new insights in an area where
a reliable evidence base is much-needed.
Our finding that individual speakers’ antimodes
were similar but not identical across tasks, despite
tasks being different in style and duration, echoes
Dorreen’s [7] previous finding that bilingual
speakers’ F0 antimodes are similar but not identical
across languages. When antimodes were not identical
across tasks, the glottal cycles with F0 values between
the speaker’s two antimodes were classified as
+Creak in one speaking task, but not in the other.
However, the percentage of phonation produced in
speakers’ ‘intra-antimode window’ was low for all
speakers. This suggests that this method may be used
to estimate within-speaker variability in creaky voice
prevalence, even when there are cross-task
differences in antimode values. Small variability in
antimodes may indicate that, for some speakers, there
is a range of F0 values between their modal and
creaky phonation distributions in which they tend not
to (and possibly cannot) produce phonation.
Importantly, the automated classification of
+Creak and –Creak did not always agree with our
auditory analysis. This may be in part because not all
manifestations of creaky-sounding phonation are
characterised by low F0 [12]; a future refinement
could be to incorporate a measure of F0 irregularity.
Additionally, the method’s effectiveness could be
further assessed, such as by rendering the human rater
blind to the automated prediction during auditory
analysis, and/or by examining the variability of its
accuracy across individual speakers.

Figure 3: Distribution of antimode values for 39
speakers, grouped by speaker sex and task.

3.2. Accuracy of the prediction

Auditory analysis of randomly sampled +Creak
(intervals of glottal cycles with F0s below the
speaker’s antimode) found 81.38% of +Creak was
accurately predicted (81.22% accurate for males, as a
group, and 81.43% accurate for females). When
sections of .wav files were incorrectly predicted to be
+Creak, these were largely in the context of
glottalized realisation of plosives or glottal stops, in
which one or two low F0 glottal cycles occurred but
were so momentary that no auditory impression of
creaky voice was perceivable. Additionally, some
sections of the .wav file were incorrectly +Creak due
to inaccurate GCI detection during, for e.g., air puffs
into the microphone.
Auditory analysis of randomly sampled –Creak
(sections of the .wav files not comprised of glottal
cycles with F0s below the speaker’s antimode) found
97.72% of –Creak was accurately predicted (96.89%
accurate for males, as a group, and 98.27% accurate
for females). Correctly predicted intervals of –Creak
consisted of phonation but of another type (modal
phonation, typically), voiceless consonants, or silence
between words. When sections of the .wav file were
predicted to be –Creak but were in fact creaky voice,
according to auditory analysis, this tended to be a
result of REAPER’s occasional failure to detect GCIs
of very low F0 and very low intensity. Additionally,
some intervals of creaky voice were not detected
because the interval was characterised by irregular
rather than low F0.
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We aim to assess this hypothesis in MA, taking
advantage of the presence of contrasts and places of
articulation not present in the languages or datasets
that originally motivated it. Specifically, as we will
see in the forthcoming, the presence of an apicalitylaminality distinction in the MA coronals and the
presence of a dorsal vs. post-dorsal contrast offer
good testing ground for assessing and sharpening the
original hypothesis. Regarding the latter contrast,
physiological data from MA [14, 15] and modern
Arabic dialects [8, 3, 6] show that Arabic has
epiglottal and not pharyngeal consonants. Their
primary articulation is at the supraglottic and/or
aryepiglottic level produced with tongue root and
epiglottis retraction. They are therefore more similar
to the laryngeals and should thus exhibit a less
resistance to V-to-C coarticulation at the anterior
part of the tongue (compared to other consonants in
which these regions are crucially implicated).
Overall, thus, this study focuses on V-to-C
coarticulation, aiming to better characterize for the
first time the degree of such coarticulation as a
function of the different primary and secondary
articulations of MA consonants.

ABSTRACT
The richness of consonant contrasts in MA offers
an opportunity to test hypotheses about contextual
variability of tongue positions during /C/ and /V/ in
/VCV/ symmetric vowel contexts. This study
focuses on V-to-C coarticulation influence and aims
to better characterize for the first time the degree of
such coarticulation as a function of the different
primary and secondary articulations of MA
consonants. Our physiological investigations
confirm our main hypothesis that contextual
variability of tongue positions during /C/ is greater
in regions not involved in its closure or the
formation of the constriction for that /C/.
Keywords: speech production, Arabic, EMA,
coarticulation
1. INTRODUCTION
Moroccan Arabic (MA) is characterized by its very
rich consonant system with several place and manner
contrasts as well as two secondary articulations:
labialisation and pharyngealisation [13, 15]. This
richness of contrasts in MA therefore offers an
opportunity to test hypotheses about contextual
variability of tongue positions during /C/ and /V/ in
the /VCV/ contexts we examine in our present study.
Our hypothesis is that contextual variability of
tongue positions during /C/ is greater in tongue
regions not involved in the constriction formation of
the /C/ [5, 9]. This central hypothesis has been
motivated on the basis of a wide range of facts,
starting with the earliest observations by Öhman on
the absence of V-to-V coarticulation in a /VCV/
contexts when the C is palatalized (versus its
presence when the /C/ involves no tongue body
gesture) and including, more recently, results
concerning the higher degree of V-to-C
coarticulation at the tongue dorsum for plain
coronals, e.g., /n/ and non-velarized /l/ [10]. It is of
course expected that lingual V-to-C coarticulation is
maximal when the consonant is produced without
tongue involvement. The higher degree of lingual Vto-C coarticulation during labial [10] or laryngeal
/C/ [12, 14, 15] is consistent with this hypothesis.

2. METHOD
MA non-pharyngealized /b t s l k q   h/ and
pharyngealised /S T/ were pronounced (8 times) by
3 native MA (male) speakers in /-aCa-/ and /-iCi-/
contexts which were parts of real words. Due to
space limitations, only data from S1 are presented.
Using electomagnetometry (AG500 Carstens
Medizinelektronik, [7]), we recorded (200Hz) the
displacements of 6 articulators with sensors placed
below the lower incisors (JAW), near the tongue tip
(TTIT), the predorsum (TMID) the dorsum (TDOR)
and the external extremity of the lower (LLIP) and
upper lips (ULIP).
With a Matlab Mview program developed by M.
Tiede (Haskins Laboratories), and for any given
/C/’s, its articulatory gesture was automatically
identified by its Onset, Peak closing velocity,
Target, Maximal constriction, Release, Peak opening
velocity and Offset timestamps (Fig. 1). The gestural
Onset and Target positions landmarks correspond to
the timepoints where the instantaneous velocity
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exceeds in the case of Onset, or falls below, in the
case of Target a 20% threshold of its maximum
value during the closing movement. The same
threshold was used for identifying the Release and
Offset landmarks during the opening movement for
the /C/. Based on these timestamps, we calculated
automatically several kinematic measurements (e.g.
amplitudes and peak velocity of the closing and
opening movements of the /C/’s gesture).
We also extracted automatically vertical (yvalues) and horizontal (x-values) positions of the
JAW, LLIP, ULIP, TTIP, TMID and TDOR
articulators at the acoustic midpoint positions of the
/V/ (used to quantify C-to-V coarticulation degree),
and at the acoustic midpoint position of the /C/,
which is the most relevant landmark for our case
study, to quantify V-to-C coarticulation degree.

sensors at the acoustic midpoint of all our
consonants /C/ produced in /iCi/ and /aCa/ contexts.
Three separated two-way ANOVA tests run on
the data of each sensor show that the vertical
position of these articulators vary with consonant
type (TTIP [F(10, 88)=267.22, p<0.0001)]; TMID
[F(10, 88)= 182.74, p<0.0001]; TDOR: [F(10, 88)=
365.8, p<0.0001)]) and with vowel context (TTIP
[F(1, 88)=45.43, p<0.0001)]; TMID [F(1,
88)=1443.17, p<0.0001]; TDOR: [F(1, 88)=2588.8,
p<0.0001)]). The interactions between these two
factors are significant (p<0.0001). Tukey post-hoc
comparisons (given in Tab. 1), for each statistical
test, were used to identify in more detail the sources
of the significant differences.
Figure 2: Mean differences (y-axis in mm) in TTIP,
TMID and TDOR vertical positions at the acoustic
midpoint of /b h t s l T S k  q / (5 tokens) between
the /iCi/ and /aCa/ context shown for each consonant
C (see also M. Dif., in Tab. 1). Data are produced by
one MA speaker (S1). NB. /tt ss hh x/ = /T S  /.

Figure 1: Traces of audio, tongue tip vertical
movement (TTIPy) gesture, its velocity (vTTIPy),
during /t/ in the MA word /matab/, with spatiotemporal landmarks: Onset (a), Peak closing velocity
(b), Target (c), Maximal constriction (d), Release (e),
Peak opening velocity (f) and Offset (g).
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Table 1: Mean values of vertical positions (in mm) of
the tongue tip (TTIP), tongue midpoint (TMID) and
tongue dorsum (TDOR) at the acoustic midpoint of /b h
t s l T S k  q / (5 tokens) produced in /aCa/ and /iCi/
contexts by (S1), along with their mean differences (M.
Dif) between these two contexts. ***: p < 0.001; **: p <
0.01; *: p < 0.5; ns = not significant.

In addition to the articulatory measures above, we
measured: (i) the acoustic duration of /V1/, /C/ and
/V2/; (ii) the formant values at the midpoint and
offset of /V1/ and at the onset and midpoint of /V2/;
and (iii) the VOT duration of the plosives.
Due to space, only TTIP, TMID and TDOR
spatial variation is analyzed. Since V-to-C
coarticulation is more substantial in the vertical than
the horizontal dimension, we limit our analyses to
the former dimension while taking into
consideration results of JAW movements during MA
consonants published in [16].

/C/

3. RESULTS AND DISCUSSIONS
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We present our results graphically in Fig. 3 and
numerically in Tab. 1 to have a more complete
picture. Specifically, Fig. 3 provides the vertical and
horizontal positions of TTIP, TMID and TDOR
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In order to quantify the degree of V-to-C
coarticulation, we calculated, for each articulator, its
vertical position difference at the acoustic midpoint
of the consonant between the /iCi/ and /aCa/
contexts. Mean values of these differences are
summarized in Fig. 2 and Tab. 1 for each consonant
and articulator. For each consonant, these
differences serve as an index of its coarticulatory
resistance. We then carried out three separate oneway ANOVA tests (one for each articulator) with
vertical position differences as the dependent
variable and consonant type as the independent
variable. ANOVA tests show that the articulator
height difference at the acoustic midpoint of a /C/
between /iCi/ and /aCa/ varies significantly with the
type of this consonant: TTIP [F(10, 55)=4.32,
p<0.0001)]; TMID [F(10, 55)=24.01, p<0.0001];
TDOR: [F(10, 55)=80.65, p<0.0001)]. Tukey posthoc analyses are used to compare degrees of these
height differences between the different consonants,
which in turn allow us to evaluate our hypotheses.
During /b h,/ TMID (p<0.001) and TDOR
(p<0.001) are substantially higher in /iCi/ than in
/aCa/ (Fig. 3). In /iCi/ context, TMID during /b/ is as
high as during /h/, while TDOR is higher during the
latter compared to the former (p < 0.001). Fig. 2 and
Tukey post-hoc analyses indicate that the mean
difference between TMID and TDOR height
positions during /b/ and /h/ in /iCi/ and their versions
in /aCa/ (Tab. 1) are also substantial (Tab. 1). /b h/
have a similar TMID height difference between /iCi/
and /aCa/, but this mean difference is slightly (p <
0.05) higher for /h/ compared to /b/.
Based on these comparisons, we can deduce that,
as expected by our main hypothesis, TMID and
TDOR positions are not crucially controlled by the
consonants /b/ and /h/, and that these two consonants
seem to be the least resistant consonants as far as
lingual V-to-C coarticulation is concerned.The
minimal differences across the two vocalic contexts
seen for the TTIP during /b/ (Fig. 2) are likely
related to the elevated jaw position [16] implicated
in the production of the labials, which thereby
constrains the range of motion of the TTIP.
Fig. 2 shows that for /t T s S l/ in /iCi/ compared
to their occurrences in /aCa/, the TTIP maintains a
stable position. This latter result can be partly
attributed to jaw position which is in its highest
positions at the acoustic midpoint of /t T s S/ [16].
Within the coronal group, /l/ is produced with
TMID and TDOR in a maximally high vertical
position (p<0.001) in /iCi/ compared to /aCa/ (Fig.
3). We note that mean height differences for TMID
and TDOR between /iCi/ and /aCa/ are statistically
similar across /l/ and /h/ (Fig. 2 and Tab. 1). Based
on these observations, we can deduce that /l/ has

also weak resistance to V-to-C coarticulation at the
level of TMID and TDOR articulators.
Compared to their non-pharyngealised version /s
t/, /S/ and mainly /T/ are produced with a strong
TMID depression which is more pronounced in
/aCa/ than in /iCi/ context. This predorsum
depression has been reported by previous studies [6,
15, 1]. However, it is not clear if this depression is a
passive consequence of the backward movement of
the tongue root for pharyngealisation, or an active
gesture to enhance the large F2 drop induced by
these consonants during adjacent vowels (see [15]).
In /aCa/, compared to /t/, TMID is very low
during /s S T l/ (p<0.0001) and moderately low
during /l/ (p<0.001). This is expected given that /t/ is
laminal and /s S T/ apical in MA. Specifically for the
stops of this class of coronals, this apicalitylaminality distinction can be linked to established
differences in VOT; the laminal has a long VOT
whereas the VOT of /T/ is rather short [14]. The
longer narrow channel of the laminal delays
achievement of the transglottal pressure difference
required for voicing, thus elongating the VOT.
TMID height differences between /iCi/ and /aCa/
are statistically lower (p<0.001) during /t/ than /h b s
l/ (Fig. 2 and Tab. 1). However, we cannot deduce
that /t/ is resistant to V-to-C coarticulation, since in
the /iCi/, /t/ is produced while TMID and TDOR
vertical positions are as higher as for /h /.
Compared to all the other consonants, /k/ is
produced in /iCi/ and /aCa/ with TMID and TDOR
in their highest positions (Fig. 2, Tab. 1). /k/ has the
same vertical (and even horizontal) positions for
TTIP, TMID and TDOR (Fig. 2) in /iCi/ than in as in
/aCa/ (not significant for all paired comparisons).
This relative invariance of TDOR height during /k/
is due to the fact that this is the sensor corresponding
to the major articulator for this consonant.
Contrary to what we observe during /k/, /q / are
produced with TMID and TDOR in higher vertical
position in /iCi/ compared to their equivalent (Fig. 2)
in /aCa/ context (p<0.001 for all paired
comparisons). Notice that the fleshpoints making
contact for the closure of the uvular are likely
posterior to the TDOR sensor. Within the /iCi/ as
well as the /aCa/ context, /q/ and // have the same
vertical (statistically not different) position for
TMID and TDOR which are significantly lower
(p<0.001) than during /k/. Mean height differences
for TMID and TDOR between /iCi/ and /aCa/ are
more substantial for the TMID than for the TDOR
(Fig. 2 and Tab. 1). Therefore, these results show
that during /q /, TMID is relatively more free to
coarticulate with adjacent vowels than the dorsum.
TMID, as well as TDOR, are less constrained during
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/q / than during /k/ since the uvular involves raising
at the post-dorsal region of the tongue. This again
confirms our main hypothesis using a contrast that
has so far not figured prominently in past studies
assessing that hypothesis.
The TMID and TDOR postures during /k/ are
also due to the fact that in MA /a/ is always []
before a non-pharyngealised consonant (e.g. /k/).
These special TMID and TDOR configurations
during /k/ also seem to be an articulatory strategy to
enhance its acoustic contrast with /q/. Indeed, before
/a/ and /i/, Arabic /k/ usually has a long VOT
duration and a main peak close to F3 [14], while /q/
has a short VOT and a main peak burst close to F2.
In /iCi/ (Fig. 2, Tab. 1), [] has higher TTIP,
TMID and TDOR positions than in /aCa/ (p<0.001
for all paired comparisons). Compared to /h/ in
/aCa/, // has similar TTIP and TDOR vertical
positions, while TMID is significantly higher
(p<0.001). These results are slightly in accord with
the raising of the anterior part of the tongue, during
//, reported by [6, 3, 2]. It is unclear whether this
raising is a passive or an active gesture. It may be
passive since Arabic /a/ is generally realized []
near non-pharyngealized consonants. However, it
may also be active to enhance the lowering of F3
induced by the pharyngeal constriction (see [13]).
Compared to /h/ in /iCi/, // has similar TTIP and
TMID vertical positions, while TDOR is
significantly lower (p<0.001). During //, mean
height differences between /iCi/ and /aCa/ are more
important for TMID than for TDOR (Fig. 1 and Tab.
1). These mean differences are significantly lower
for TDOR during // compared to all the consonants
(p<0.001) except for /k q x/, and are significantly
lower for TMID during // compared to /b h s/
(p<0.001) and /l/ (p<0.01) consonants. These results
indicate that, during //, the tongue back is more
resistant to V-to-C coarticulation and seems more
crucial for its production than its anterior part.

position. MA /k/ seems to have less contextual
variability as expected also by our main hypothesis.
MA /t/ and mainly /l/ are particularly sensitive to
lingual V-to-C coarticulation at TMID and TDOR
regions, while TTIP maintains a stable position.
TMID and TDOR are less constrained during /q
/ than /k/ since the formers involve the post-dorsal
region of the tongue. // is also produced while
tongue back exhibits more resistance to V-to-C
coarticulation, compared to its anterior part. These
observations on /t l k q  / also confirm the view
that contextual variability of tongue positions during
/C/ is greater in regions not involved in its closure or
the formation of the constriction for that /C/.
Figure 3 : Vertical (y-axis) and horizontal (x-axis)
positions (in mm) of the tongue tip (TTIP), tongue
midpoint (TMID) and tongue dorsum (TDOR) at the
acoustic midpoint of /C/ (5 tokens) produced in /aCa/
and /iCi/ by a MA speaker (S1). (a) Labial, laryngeal,
pharyngeal /C/ = /b h /. (b) Coronal /C/ = /t T s S l/.
(c) Dorsal /C/ = /k  q/. NB. /tt ss hh x/ = /T S  /.
See text for comment on /k q/ differences.
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4. CONCLUSION
Overall, our results support the main hypothesis on
coarticulatory resistance and provide further
instantiations of its predictions in the cases of
contrasts that are present in MA but not in the
languages used to motivate that hypothesis.
We have seen that in /VCV/, /h b/ are the least
resistant consonants to lingual V-to-C coarticulation
confirming that consonants without tongue
involvement undergo more V-to-C influence.
MA /k/ is produced in /iCi/ and /aCa/, while the
tongue tip, midpoint and dorsum stay in the same
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ABSTRACT

performed without extracting the entire shape [17, 26]
or by selecting critical frames [9, 19]. However, some
analyses, such as the exploration of pivots [7] or
gemination processes [24], require dynamical data. In
these cases, measurements of most if not all frames in
an utterance are required. If measuring the required
frames by hand is the ideal, it is prohibitively laborintensive, and therefore (semi-)automated procedures
for defining tongue contours are often used. Knowing
the accuracy and reliability of automated
measurements of the entire tongue surface is therefore
crucial to many phonetic investigations, but previous
systematic comparison of the existing automated
procedures [e.g., 11] did not include validation of the
single hand measurement that was taken as the
ground truth.
We compared three semi-automated procedures—
EdgeTrak [12], an edge-constrained active contour
(snake) model (EPCS) [22] and SLURP [10, 11]—
against the hand measurements of three phoneticians.
Note that EPCS was designed for real-world visual
parsing, and our novel application to ultrasound
images was not a specific concern of its creators.

Ultrasound measurements of the tongue have become
increasingly useful in phonetic research, but the
consistency of hand measurements and the accuracy
of automatic measures have yet to be extensively
evaluated. Here, we examine three automatic
methods (EdgeTrak, active contours (snakes) and
SLURP) against hand measurements of two datasets
made by three researchers. Discrepancies (errors)
were calculated as the shortest distance between two
contours. Results for adult speakers indicate that the
three researchers were consistent with themselves and
each other (mean errors < 1 mm) but higher for child
data (errors < 5 mm). Automatic methods were
initially consistent with hand measurements, but
snakes and EdgeTrak were increasingly less
consistent at later points. The results indicate that the
SLURP method can be used for automatic extraction
of full tongue shapes from ultrasound images.
Intermittent hand correction of automatic procedures
is also recommended. Future work will include more
systems and more speakers.

2. METHOD

Keywords: ultrasound, tongue shape, automatic
measurements, reliability, accuracy.

Ultrasound images previously collected for research
purposes from two different studies were reexamined for this test. One was a study of
palatalization of adults’ Russian consonants [20], and
the other was of English-speaking children, either
saying a variety of words or short sentences [18].

1. INTRODUCTION
The tongue is a major speech articulator, but its
measurement is challenging due to its location within
the mouth. One of the various methods that have been
devised for quantification of tongue movement is
ultrasound [13, 23, 28]. This method has the
advantages of being relatively inexpensive, welltolerated by a wide range of participants [14, 27], and
providing extensive coverage of the tongue.
Disadvantages include difficulty of stabilization of
the probe relative to the fixed vocal tract hard
structure, relatively low sampling rate, and
synchronizing with the audio signal.
Perhaps the major disadvantage of ultrasound is
the difficulty of extracting the tongue surface from
the recorded signal [1, 6, 15]. Many studies can be

2.1. Stimuli

The Russian stimuli were produced by four native
speakers from Moscow (aged 27-32, two female).
Utterances were C1VC2 syllables including both
actual and nonce words produced in the carrier phrase
[a ɛtə _] ‘and this is a _’. Stimuli included 6 wordand utterance-final consonants [t, j, s, sj, lj, r] where
the preceding vowel was always [a] and C1 was
always [m], and 4 vowels [i, u, ɛ, a] where both
flanking consonants were [p], e.g., [pap]. The first
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repetition of each utterance (out of five produced by
each speaker) was used for analysis. Midsagittal
plane images of the lingual articulation were recorded
using an Ultrasonix SonixTouch machine (BK
Ultrasound, www.bkultrasound.com) with a C9-5/10
micro-convex transducer at a frame rate of 60 Hz.
The English-speaking child utterances were
individual words (4 speakers, aged 4-6 years) or
sentences (3 speakers, aged 10-12 years). Two of the
younger children and all 3 of the older children had
been diagnosed with a speech sound disorder. A
Siemens Acuson X300 ultrasound with C8-5 or C6-8
transducer was used with a frame rate of 36 Hz.
Stimuli analyzed for the younger speakers were 10
words with varying tongue shapes (2 repetitions per
word). Stimuli for the older speakers were 5
sentences, split into 2 halves to make 10 files. Each
file for both sets was measured twice (without the
measurer knowing when a file was repeated).
The end of each utterance to be analysed was
identified from the acoustics using annotation in Praat
[2]. The 42 ultrasound video frames preceding the end
of the target utterance (corresponding to ~700 ms)
were extracted into individual video files. This
amount of time ensured that all extracted frames were
of the tongue during speech production for all but the
single word productions; thus some frames were
during rest. The video files were named such that the
identity of the stimulus was not indicated. Each file
was then duplicated so that it would be measured
twice. For the Russian data, 10 stimuli x 2 copies x 4
speakers yielded 80 utterances to be analyzed. For the
English data, 10 stimuli x 2 copies x 4 speakers x 2
ages yielded 160 utterances to be analyzed.

2.3. Automatic systems

Automatically fitted contours were created with
EPCS, an active contours (snake) [22] implemented
as a GetContours plugin using the hand-measured
contour of the first frame of each file as the starting
point (“seed”). In this implementation, the snake
endpoints were constrained to lie on a line orthogonal
to the last two anchor points at each end of the seed.
The algorithm tracked contours for all of the frames
in each file, using anchor points equally spaced along
each fit for the current frame as the seed for the next.
EdgeTrak also defines contours as 100 xy
coordinates. In order to ensure the same starting point
for the automatic systems, the xy coordinates of the
hand-measured contour for the first frame of each file
were exported from GetContours and imported into
EdgeTrak. The automated contour detection in
EdgeTrak, also an active contour model, was then
used to generate contours.
The third system tested was SLURP [10], which
refines the snake algorithm by optimizing across
multiple fits using a particle filtering algorithm [11].
Although still under active development, it has
already shown promise, especially given that it does
not need an extensive training set.
For logistical and technical reasons, it was not
possible to test the automatic systems on the child
data. Given the larger within-measurer error, we can
predict that the automatic system would have a more
difficult time than with the adult data.
2.4. Comparisons made

Hand measurements were compared to every other
hand measurement, giving 1 within-measurer value
and 4 across-measurer values for each frame.
Automatic measures were compared to all six hand
measured shapes at each of the 9 frames that were
done. This allowed us to compare the change in
accuracy of the automatic measures as the seed frame
became more distant.

2.2. Hand measurements

The three hand measurers were phoneticians with
previous experience in tracing ultrasound images of
the tongue. Each measurer traced 9 contours by hand
for each file: the first frame of the file, then frames 5,
10, 15, 20, 25, 30, 35 and 40 (every 83 ms for the
adult data, 139 ms for the child data). Hand-measured
contours were made using GetContours [25].
Measurers selected 16 “anchor points” along the
underside of the white curve corresponding to the
tongue surface. Each contour was traced starting at
the most anterior visible point of the tongue surface
behind the jaw shadow, and continuing until either the
posterior end of the image or the hyoid shadow was
reached. GetContours used those 16 anchor points to
constrain a cubic spline of 100 equally spaced xy
coordinates, which defined each contour. Although
not all of the data points were defined by hand, the
matching to the anchor points was highly constrained;
therefore, we label these as hand measurements.

2.5. Discrepancy (error) measurements

Errors were calculated as the smallest distance
between measurement points on the tongue surface.
Because all systems produce 100 x-y points, each
point of one surface was compared with each on the
other. The average shortest distance between paired
points was taken as the error. Because the length of
the measured tongue surface was not always the
same, it was sometimes the case that two points on
one surface will be closest to the same point on the
other. However, at the ends of the surface, if multiple
points were closest to the endpoint of the other
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and consistency of the automatic measurement
(separately for each of the 3 systems) compared with
the hand measurers for the adult data (Auto). Auto
included a time series factor (levels 1-9, corresponding to frames hand-measured frames). The
dependent measurement was the average error for
each of the points on the tongue surface (see Fig. 1).
For the within-M, errors were at most 0.5 mm for
the Russian data and 5.1 mm for the child data (see
Table1). Across-M errors were, as can be expected,
larger, but still less than 0.6 mm for the Russian data
and 7.1 mm for the child data (Table 1). The adult
differences correspond to an average of 2-3 pixels’
worth of distance on the image.
Canonical correlations for adult data ranged from
.93 to .97, with no further pattern apparent. Such high
correlations confirm that the measurers and the
automatic methods were in good agreement. For the
child data, the values ranged from .83 to .87 for
within- and across measurer; this is good agreement,
but less so than for the adult data. Canonical
correlations make fewer assumptions about the
relevant portion of the surface than our first method,
but still shows substantial agreement between
measures and between the hand and automatic results.
Figure 2 shows the average distance between the
shared portion (see Fig. 1) of the tongue edges found
by our algorithms for the Russian (adult) data. The
EPCS algorithm grew increasingly divergent from
hand measurements in later frames. EdgeTrak had a
somewhat similar trend but with smaller divergences.
SLURP had little dropoff in consistency through the
40 frames measured. The magnitude of the
differences was fairly small (about 5 mm for EPCS,
about 1 mm for the others.)

surface, only the innermost point is used; extra points
are excluded (see Fig. 1).
A further assessment was made using canonical
correlation between matched contour point pairs.
Similar to PCA, this method remaps the data onto two
“canonical” variables such that the first maximizes
correlation overall, and the second finds the
remainder. The second value, reported here,
represents the lack of correlation between given
contours. As in any correlation, values range from 1
(perfect correlation) to -1 (perfect anti-correlation). It
is complementary to our minimum distance measure
because it reflects how well two contours track one
another in shape.
Figure 1: Examples of error measures between two
measurements of one artificially created tongue
shape (nominal anterior to the right). The blue curve
has 10 measurement points, the orange, 7. Arrows
with solid lines indicate error magnitude. Dashed
lines indicate measures at the extremes of the blue
curve that are ignored. Note that two points in the
middle of one curve can map onto a single point in
the other curve (orange arrows).

Figure 2: Change in discrepancies between
automatic and hand measurements over time.

Table 1: Consistency (mean distance between
tongue measurements, in mm). “Across” is mean of
8 comparisons.

Measurer
M1 (Russian)
M2 (Russian)
M3 (Russian)
M1 (child)
M2 (child)
M1 (young/old)
M2 (young/old)

Within
0.50
0.43
0.41
4.12
5.10
5.3/4.6
4.0/4.4

Across
0.50
0.52
0.55
7.05
---7.7/5.8
----

3. RESULTS

Our algorithm needs to be supplemented by an
assessment of the endpoints. As can be seen in Figure
3, large discrepancies can be masked by ignoring end
lack of agreement on the endpoints. SLURP was less

Results were considered for three tests: consistency
of each hand measurer across the two tokens (withinM); consistency across hand measurers (across-M),
544

In practice, researchers do not allow the semiautomatic measures to operate for 750 ms without
correction, so the last measurement points in Figure 2
are simply confirmation that once a measurement
diverges, it will continue to do so. The longer the
method can continue without correction, however, the
more useful it will be. The 40 frames that are within
1 mm for SLURP would allow a relatively quick
process for ultrasound data.
There are other factors that would potentially
affect the results of the semi-automated procedures,
which we did not directly manipulate in this study:
image quality, frame rate of the ultrasound video,
frequency of adjustments to the automated
contouring, etc. The degree of accuracy required for
a specific purpose is also a consideration; if more
approximate measures are sufficient to make a point,
then added accuracy is not essential.

conservative than the hand measurement in the
anterior region, while the hand measurement was less
conservative in the posterior region. However, the
near overlap extends over most of the tongue surface.
By contrast, the EPCS algorithm was relatively close
in length but differed by 10 mm for a long stretch.
EdgeTrak was close in the common region, but had a
sizable (ca. 2 cm) surface in the anterior region that
was lacking in the hand version, and lacked almost as
much in the posterior region. Thus the small deviation
reported for this token is misleading.
Figure 3: Examples of discrepancies at a single
frame for a single token for the three methods.

5. CONCLUSION AND FUTURE DIRECTIONS
We conclude that hand measurements are quite
consistent for adult data (discrepancies of < 0.5 mm
in our data) but less so for child data (discrepancies
of < 8 mm). Automatic measures by the SLURP
method, which takes a hand measurement as a seed,
are quite accurate for many frames after the seed
frame. For our adult data, this would often be 20-40
frames (333-666 ms).
Future work will expand the number of speakers
and tokens analyzed. Comparisons are planned for the
Articulate Assistant Advanced system [29], which
will require changes for comparing procedures.
The length of the surface needs to be compared,
with the discrepancies at both ends assessed. It is
likely that a large discrepancy at one end of the
surface will be considered more of an error than that
same length split into the beginning and end of the
surface. The algorithm for assessing the discrepancy
remains to be developed, as it is not clear how much
a measurement should be penalized for missing a
relevant portion or, indeed, whether it is possible to
create a penalty for finding a surface that is not
present to the eye of the researcher.
Automatic extraction of tongue surfaces allows for
greater use of ultrasound images. Although other
methods, generally using PCA, that do not require
edge extraction have been proposed [3, 4, 5, 8], edges
provide the input to many applications. The current
results indicate that (semi-)automatic methods can be
accurate enough for many purposes. Our results also
indicate that, for our current datasets, hand measurers
can be quite consistent for adult data but less so for
child data. Monitoring of automatic edges is therefore
to be recommended, as is checking the consistency of
hand measurements.

4. DISCUSSION
Our results show that hand measurements by trained
phoneticians were quite reliable when the quality of
the ultrasound images was good, and they support the
standard in the field of using hand-measurements as
the “gold standard” for defining tongue contours.
However, when the image is less clear, human
measurers disagree more, due to the fact that the
“ground truth” is harder to establish in images with
poor quality. Here, the consistency was less for the
images from the child speakers, as can be expected
due to the lack of head restraints and consequent
movement of the speaker during a trial. Current fixedprobe systems are not usable with young children
[21], and the clinical setting of the current stimuli
further benefitted from the freedom from constraints.
While comparable results have been found for handheld and fixed systems for adolescents [30], the extent
of movement artifacts is currently unknown, even
when trials with obvious head movements are
excluded [16].
The (semi-)automatic methods tested were fairly
accurate for the adult data. Our current algorithm, as
pointed out above, does not adequately address
discrepancies in the length of the extracted surface.
Revisions of the algorithm will address this issue.
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The effects of syllable and sentential position on the timing of lingual gestures in /l/
and /r/
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of American, Scottish and Irish English. Our research
questions are:
(1) What effects do syllable position and
utterance position have on the timing of
lingual gestures in liquid consonants?
(2) What is the impact of tautosyllabic vowel
quality on the timing of lingual gestures in
liquid consonants?
(3) Is liquid gesture timing variation similar
across different accent varieties of English?

ABSTRACT
This paper is an ultrasound-based articulatory study
of the impact of syllable-position and utterance
position on gesture timing in liquid consonants in
American, Irish and Scottish English. Mixed effects
modelling was used to analyse variation in the
relative timing of the anterior and posterior lingual
gestures for /l/ and /r/ in syllable-onset and coda
position and in utterance-initial, medial and final
position. Results showed that the component lingual
gestures for /l/ and /r/ are coordinated differently in
onsets and codas, across the three varieties studied;
the anterior lingual gesture tends to precede the
posterior gesture in syllable-onset liquids, while this
gesture order is reversed for syllable-coda liquids. For
/l/, but not /r/, being in utterance-initial and final
position results in a significantly increased temporal
distance between the two lingual gestures. For coda
/r/, prerhotic vowels were found to have a significant
impact on the relative timing of lingual gestures.
Keywords: Articulatory Phonetics,
Tongue Imagine, syllable structure.

2. METHOD
6 Scottish speakers, 10 American speakers and 4 Irish
speakers (from the Republic of Ireland) were
recorded with ultrasound tongue imaging (UTI –
Sonix RP machine, 111fps, 150° fan angle) reading
aloud 80 sentences (c11 syllables long), e.g. Rays of
light are both wave and particle. Each sentence
contained at least one stressed monosyllabic key
word, e.g. rays, with a liquid consonant in onset or
coda position and each key word was positioned at
the beginning, middle, or end of the utterance. There
were circa 8 instances of /l/ or /r/ in each syllabicutterance position per speaker. Utterance-medial
liquids were always phrase medial, i.e. not positioned
adjacent to a phrase boundary. All tokens of /r/ were
approximants. Key words contained one of three
high-front vowels /e/, /ɛ/, /ɪ/, to maximise ability to
identify gestures belonging to the liquid consonants,
but also to investigate the impact of vowel type (e.g.
checked versus nonchecked) on lingual gesture
timing. Lingual consonants were avoided in the two
preceding and two following segments adjacent to the
key segment in order to mitigate against consonantal
coarticulatory effects. We aimed, as far as possible, to
have high vowels in syllables adjacent to the key
consonantal segments in order to be able to more
easily identify tongue gestures associated with the
liquid consonant.

Ultrasound

1. INTRODUCTION
Previous articulatory research has shown that, in
consonantal segments that are produced with multiple
gestures, gestural organisation and variation in
temporal separation of gestures can be affected by a
segment’s position in both the syllable and that
segment’s position relative to syntactic or prosodic
boundaries [2], [8]. This variation in gesture order
and separation affects the phonetic quality of
segments, contributing to syllable-based allophony
[8] and is likely to have a role in diachronic change,
e.g. loss/vocalisation of coda consonants [5]. Studies
to date have often focussed on single
varieties/languages (but see [3]) or involve an
analysis of one or two speakers per variety/language
[3]. The present study considers the impact of syllable
and utterance position on variation in the organisation
and timing of the anterior and posterior lingual
gestures in the liquid consonants (/l/ and /r/),
articulatorily-complex speech sounds that often show
extreme patterns of allophony, for multiple speakers

2.1. Articulatory measures

Intergestural durational measures were taken from
ultrasound video using Articulate Assistant
Advanced (AAA) v2.16.12, (Wrench 2012). The
maxima of the anterior and posterior lingual gestures
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of /r/ and /l/ were annotated by the first author. For /r/,
the anterior gesture could be an alveolar/retroflex or
dorsal/tongue-front gesture (the latter for bunched
variants of /r/). The posterior gesture for /r/ was a
tongue-root retraction gesture. For /l/, the anterior
gesture was a tongue-tip-raising gesture and the
posterior, either raising of the tongue dorsum towards
the velum, or retraction of the dorsum towards the
pharynx. At the temporal point where the tongue
surface first reached its highest, or backest, point an
annotation was added. If either the anterior or
posterior gestural maximum could not be identified,
the token was excluded. The first author also
manually annotated the onset and offset of the vowel
+ liquid consonant (Vl/r) section of the syllable using
Praat v6.0.23 [1] using acoustic information
(spectrogram, and intensity and pitch trackers). This
measure of the duration of the Vl/r section of the key
word was used to normalise the raw intergestural
measures, but variation in the Vl/r duration across
utterance positions was also analysed to identify
whether there was syllable lengthening adjacent to
major prosodic boundaries.
Raw temporal measures in the study were (1) the
duration between the anterior and posterior gesture
maxima (intergestural duration), and (2) Vl/r
duration. In order to take account of different speech
rates, measure (1) was normalised by expressing it as
a proportion of measure (2). Raw and normalised
durational measures were highly correlated, rP=0.96.

(i) checked (ii) unchecked. The checked status of the
tautosyllabic vowel has been shown to affect lingual
gesture timing in /r/ see [6] and [5]. We tested for twoway and three-way interactions between utterance
position, syllable position, region, and checked.
Random factors included in all models were:
speaker and word. The step( ) function in the
LmerTest package [4] was used to find models that
best fit the data.
3. RESULTS
3.1 V+liquid durational variation

Firstly, we report on positionally-conditioned
variation in the durational measure of Vl/r, which was
used to normalise articulatory measures, see Fig. 1.
Figure 1: Variation in durational measures for Vl/r
according to sentential position.

2.2. Statistical analysis

Mixed effects modelling, carried out in R v.3.3.2, was
used to determine the impact of position on
normalised intergestural duration, but also to
determine whether tautosyllabic vowel and speaker
accent affected this measure. The effects of syllable
and sentence position were studied across three
accents of English in order to assess how fundamental
these effects are in the language.
For the normalised intergestural duration measure
in the /l/ data subset (N=587), we constructed a model
including fixed factors: (1) syllable position, with
levels (i) onset and (ii) coda; (2) utterance position,
with levels (i) initial, (ii) medial, (iii) final; (3)
speaker accent, with levels (i) Irish, (ii) American,
(iii) Scottish and (4) tautosyllabic vowel with levels
(i) /e/, (ii) /ɪ/, (iii) /ɛ/. We tested for two-way and
three-way interactions between utterance position,
syllable position and region.
For the /r/ data subset (N=587), we constructed a
model including fixed factors: (1) syllable position,
(2) utterance position (3) speaker accent and (4)
checked status of the tautosyllabic vowel1, with levels

An ANOVA showed significant differences between
Vl/r durations in all three utterance positions F=45.59
p<0.001. Mean Vl/r durations were: medial 191ms,
initial 205ms and final 226ms. This result indicates
that syllable-lengthening occurs at utterance edges,
but particularly in utterance-final position. This result
is of interest as it has been hypothesised that syllable
lengthening at prosodic boundaries allows
articulatory gestures to move further apart [8], which
could lead to greater degrees of liquid consonant
vocalisation in this position.
3.1. Intergestural duration, /l/

The final model for normalised intergestural duration
for the /l/ dataset included a significant interaction
between syllable position*utterance position
F=13.73 p<0.001. There was also a significant effect
of accent F=4.05 p<0.05, with Scottish speakers
having significantly greater intergestural durations
for /l/ than American speakers. Fig. 2 below shows
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Figure 3: Interaction plot for factors syllable
position and checked for normalised intergestural
duration in /r/.

the interaction between syllable position and
utterance position. The dotted line in Fig 2 represents
the point where the maxima of anterior and posterior
gestures are completely synchronous. Data points
below the line indicate that the anterior lingual
gesture occurred before the posterior gesture, while
data points above the line indicate that the anterior
gesture occurred after the posterior gesture.
Figure 2: Interaction plot for factors syllable
position and utterance position for /l/ - dependent
variable, normalised intergestural duration.

Fig. 3 shows for /r/ the same pattern of syllableconditioned lingual gesture organisation that was
observed for /l/, namely anterior gestures tend to
precede posterior gestures in syllable-onset position,
while the opposite pattern occurs in codas. The plot
also shows a significant difference in intergestural
duration depending on whether coda /r/ is preceded
by a checked or a nonchecked vowel p<0.001;
checked vowels condition greater intergestural
separation. Further analysis confirmed that the
posterior (root retraction) gesture for /r/ occurred
significantly earlier in syllables that contained
checked vowels, than in those with nonchecked
vowels, F=38.89 p<0.001. Therefore greater
intergestural durations in /r/ after checked vowels
seem to result from early timing of the tongue-root
retraction gesture in the syllable.
Fig. 4. illustrates the interaction between syllable
position and accent.

Fig. 2 shows that, for /l/ there is a clear pattern of
syllable-based gestural organisation that is
augmented by utterance position. For /l/ in onset
position, the anterior gesture tends to occur first,
while for coda /l/, the posterior gesture tends occur
first. This variation is significant to the p<0.001 level
in all sentential positions; however, Fig. 2 also shows
extremes of gestural separation when /l/ is adjacent to
utterance boundaries: the greatest degrees of gestural
separation occur for coda-/l/ in utterance-final
position and onset-/l/ in utterance-initial position.

Figure 4: Interaction plot for factors syllable
position and accent for normalised intergestural
duration in /r/.

3.2. Intergestural duration, /r/

The best-fit model for the normalised intergestural
duration of /r/ contained two significant interactions
between syllable position*checked status of the
tautosyllabic vowel F=20.10 p<0.001, and syllable
position*speaker accent F=5.17, p<0.01. The random
factor word was significant: χ=6.21, p<0.05. Fig. 3
illustrates the interaction between syllable position
and checked.
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In answer to RQ 2: “What is the impact of
tautosyllabic vowel quality on the timing of lingual
gestures in liquid consonants?” For the three
tautosyllabic vowels studied /e/, /ɪ/ and /ɛ/, we found
no impact of vowel quality on /l/; however, the
checked status of the tautosyllabic vowel had a
significant impact on intergestural duration for /r/. It
would seem that greater gestural separation occurs
when /r/ follows a checked vowel, because the
maximum of the root-retraction gesture occurs earlier
than it does when /r/ follows nonchecked vowels.
This finding shows that rhotics have a strong
coarticulatory effect on the phonetically-lax checked
vowels in all three varieties studied, and provides a
phonetic explanation for the NURSE merger found in
many varieties of English [10] [11].
Finally, for RQ 3: “Is liquid gesture timing
variation similar across different accent varieties
of English?”. For /l/, we saw that Scottish speakers
had significantly greater intergestural durations than
American speakers, but there was no interaction
between accent and other factors in the model. For /r/,
speaker accent interacted with syllable-position,
affecting degree of intergestural separation without
changing fundamental patterns of gestural
organisation described in the answer to RQ1. These
findings suggest that syllable-based patterns of
gestural organisation for liquid consonants and the
increased inter-gestural separation for /l/ at utterance
margins are fundamental aspects of speech
production English.

Again, Fig. 4 shows the familiar pattern of anteriorposterior gesture organisation in onsets and codas, but
also shows accent-based intergestural timing
variation. Irish speakers have significantly greater
intergestural durations in syllable-onset position than
American, or Scottish speakers p<0.001, and, in coda
position, Scottish speakers have significantly greater
intergestural durations than Irish, or American
speakers, p<0.05.
4. DISCUSSION
In answer to RQ 1: “What impact do syllable
position and utterance position have on the timing
of lingual gestures in liquid consonants?”, we
found that syllable position had a significant effect on
lingual gesture timing for both /l/ and /r/. A consistent
syllable-based pattern of lingual gesture organisation
emerged; for liquids in syllable-onset position,
anterior gestures tended to occur first, while for
liquids in syllable-coda position, anterior gestures
tended to occur last. This finding is in line with [8],
whose cineradiographic study of American /l/ in
different syllable and preboundary positions was the
first to identify this symmetrical syllable-based
pattern of gestural organisation. The present study
shows that this pattern of gesture organisation is also
present in /r/, and is found consistently across
different varieties of English.
[8] also showed that longer syllable rime durations
conditioned greater separation of the two lingual
gestures in ambisyllabic /l/, with syllable-rime
duration found to be longest, and gestural separation
found to be greatest, before major prosodic
boundaries. There was a similar finding in the current
study; coda /l/ in utterance-final position had the
greatest temporal separation between the anterior and
posterior lingual gestures. We did not find similar
significant effects of sentence position on gesture
separation in /r/. This null result is surprising given
that previous ultrasound-based research of coda /r/ in
Scottish English has identified significantly delayed
anterior lingual gestures for coda /r/ in utterance-final
position, with anterior gesture maxima often
occurring after the offset of voicing in the syllable [5].
It is perhaps significant that the /r/s in question were
always of a tip-up variety, typical of working-class
Scottish speech. In the current study, two thirds of
participants habitually produced bunched /r/ variants
in coda position. It is possible, therefore, that
sentence-position effects on the timing of /l/ and /r/
gestures can be similar, but perhaps only when the /r/
variants in question are articulatorily similar to /l/,
involving a tongue-tip raising gesture, rather than a
dorsal or tongue-front gesture.

5. CONCLUSION
Using ultrasound tongue imaging to systematically
study intergestural timing in /l/ and /r/ in different
positional conditions across three varieties of
English, we have been able to show consistent
symmetrical syllable-based patterns of gestural
organisation for both liquid consonants. We have also
shown that there is greater separation between lingual
gestures for /l/ when they are in utterance-initial, and
particularly utterance-final, position. These findings
increase our understanding of how syllable-based
allophony emerges [8] and suggest a mechanism for
coda liquid weakening in utterance-final positions.
We also suggest that use of tip-up or bunched variants
of /r/ might affect tongue gesture timing. Previous
research has shown a link between gesture timing and
these two tongue shapes, see [5] and [6], but based
only on the study of two sociolects of the same variety
of English. More research is required to determine the
impact of /r/ tongue shape on gesture timing.
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The term “checked” refers to the phonotactic
specification that vowels do not occur in stressed open
word-final syllables, i.e. they must always be followed by
a consonant in stressed syllables. Checked vowels tend to
be phonetically more lax than unchecked vowels and are

also phonemically short in American and Irish English,
though not in Scottish English, where vowel length is not
phonemic [7].
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ABSTRACT

of unstressed vowels [2], [3], [7]. There are two
degrees of vowel reduction depending on the position within a word: (1) immediately pretonic or
word-initial; (2) other pretonic or post-tonic positions. Vowels /o/ and /A/ are produced as [@] in
non-immediately-pretonic syllables after vowels and
non-palatalized consonants.
In Russian, unstressed vowel /A/ tends to be
rounded in the vicinity of rounded vowels. It was
proved by the acoustic analysis [3] and easily perceived by native speakers of Russian. This pronunciation was named alternative in the notes to
the recent pronunciation dictionary of Russian [10,
p. 942]. As Bondarko noted, “a specific type of
labial vowel harmony is observed when an unstressed allophone of an unrounded phoneme preceding another unstressed but rounded one is also
produced as rounded” in a pre-tonic part of a word
in connected speech [3, p. 266], e.g, ‘голубому’
/gAlu"bomu/ (dat.sg.masc ‘blue’) tends to be pronounced as /gulu"bomu/.
The aim of the study is to analyse lip gestures produced in [A*u] sequence, when different number of
vowels and consonants occur between [A] and [u].
The analysis is done by means of electromagnetic
articulography (EMA).

Unrounded Russian vowel phonemes are occasionally pronounced as rounded in unstressed positions when one of the following vowels is rounded.
Such pronunciations are considered to be standard,
although these vowels are usually not perceived as
rounded by naive speakers of Russian. The research
is aimed at investigating the underlying articulatory lip gestures. The experimental material consisted of audio and EMA recordings of 82 phrases
read five times by two female and two male speakers in a soundproof studio. The analysis of EMA
data showed that there is a single monotonous lip
closure and protrusion gesture over the whole unstressed part of phonological word starting at the
beginning of unstressed part of the word and ending at the last rounded vowel of that unstressed
part. The stressed rounded vowel, on the contrary,
does not cause rounding of the preceding vowels.
Keywords: Rounding, coarticulation, unstressed
vowels, Russian, electromagnetic articulography.
1. INTRODUCTION
The aim of this paper is to explore anticipatory coarticulation effect of rounded vowels on articulation of
the preceding sounds in speech.
Starting from Öhman’s [11] groundbreaking research of V-to-V coarticulation, this phenomenon
has been widely investigated. V-to-V coarticulation depends on the language [4], [5], coarticulated
vowels and intervening consonants [13], prosodic
context [6], age of speakers [14]. Recent research
showed the possibility of long-distance vowel-tovowel coarticulation [9], [1].
This study investigates the extent of V-to-V coarticulation in case of rounded vowels. The rounding
is chosen as it is neutral to tongue gestures.
Perkell made a research of lip movement onset
prior to onset of voicing of /u/, regardless of the
number of ’neutral’ consonants in /Vunrounded Cn U/
utterance and showed that dental consonants do not
block coarticulation in terms of lower lip protrusion.
But what if there were vowels in between?
Standard Russian is known for strong reduction

2. METHOD AND MATERIAL
2.1. Data acquisition

We acquired articulatory data by means of electromagnetic articulography (EMA; AG501, Carstens
Medizinelektronik) with a sampling rate of 1.25 kHz
together with synchronized audio at 25.6 kHz. Standard procedures developed by Cartens Medizinelektronik for head movement correction were applied.
The speech was recorded in sound-proof studio. We
attached three sensors to the tongue: tongue tip
(TT), tongue mid (TM) and dorsal region of the
tongue (TB). Two sensors were placed on the upper and lower lips (UL, LL). One sensor was placed
to the lower incisor (JAW) to capture jaw movement
and estimate lip protrusion. Three reference sensors
were attached to the nose ridge and on the mastoid
process behind both ears to correct head movements.
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phrase was annotated in a minimal required way as
follows.
• The target word or two adjacent words were
labelled (in case of possible rounding at word
boundaries).
• The target word or words were segmented into
the actually pronounced sounds.
• Orthoepic phonetic transcription was done for
each word.
• Broad transcription was done for each pronounced sound.
• Orthoepic and broad transcription tiers were
aligned with each other.
Note, that the preliminary analysis of the annotation showed that some pretonic and post-tonic vowels including the investigated ones were not pronounced at all.

2.2. Speakers

We have recorded four speakers aged 25-35: two female and two male. As reduction patterns, including rounding of unstressed vowels, differ in standard Russian and some dialects [2], [7], we recorded
only speakers of standard Russian who were born in
Moscow or Saint Petersburg and have spend most of
their life in the native cities.
2.3. Corpus design

A specially designed set of 84 sentences was used
as a material for the recordings. The sentences were
composed to demonstrate the influence of the following factors on vowel rounding.
1. Presence of a labial consonant before the vowel
(‘попугай’, /pApu"gaj/, nom.sg ‘parrot’) or its
absence (‘голубой’, /gAlu"boj/, nom.sg.masc
‘blue’).
2. The position of a rounded vowel which may
influence the current vowel in terms of rounding, either in the following syllable (‘голубой’,
/gAlu"boj/, nom.sg.masc ‘blue’) or in the next
but one (‘годовую’, /gAdA"vuju/, acc.sg.fem
‘annual’).
3. Occurrence of both vowels within one word
(‘попугай’, /pApu"gaj/, nom.sg ‘parrot’) or in
adjacent words (‘папа купил’, /"pApA ku"pil/,
nom.sg ‘father bought’).
4. Position of the vowel relative to stress: nonimmediately-pretonic (‘голубой’, /gAlu"boj/,
nom.sg.masc ‘blue’), immediately-pretonic
(‘голубка’, /gA"lupkA/, nom.sg ‘dove’),
stressed (‘каску-то’, /"kAsku tA/, acc.sg
‘the hard hat’), and post-tonic syllable (‘по
нескольку’, /pA "nj eskAlj ku/, ‘by several’).
5. A phrase position of a word: initial, middle,
final, and in isolation.
Each sentence was read by the speakers four times
(twice slowly and twice fast). The speech rate was
controlled by slide demonstration time: 3 seconds
for slow speech and 1.5 seconds for fast speech.
In total, each speaker read 336 sentences and 84
isolated words or word pairs (for cases of adjacent
words, see factor #3 described above). The slides
with sentences and words were randomly presented
to a speaker.

2.5. Measurements

The articulatory movements were obtained for each
articulator by means of mview algorithm developed
by Mark Tiede [15]. Two kinds of labial gestures
were measured. First, lip aperture (LA)—the Euclidean distance between the sensors attached to the
upper and lower lips. Second, lip protrusion of the
lower lip (LP)—the Euclidean distance between the
sensors attached to the lower lip and jaw. Both articulator’s movements and tangential velocities were
used to describe articulatory gestures. We have investigated lip gestures leading to vowel rounding depending on the factors described in section 2.3, primarily on the position of a vowel within a word.
Each vowel was automatically characterized with
estimates of the most prominent values of LA and
LP. The estimation procedure was the following.
First, we extracted lip movement within the vowel
boundaries. The extracted movement was modelled
by a quadratic polynomial. The position of the most
prominent extremum of lip movement was defined
as the point where the derivative of the calculated
polynomial equalled zero. These values were calculated for both LA and LP.
3. RESULTS
The analysis of our data showed that the major factor influencing anticipatory coarticulation is stress.
Neither a stressed /A/ is influenced by the following
/u/, nor a stressed /u/ influences the preceding /A/,
see Table 1 and Table 2. Figure 1 illustartes that
immediately-prestressed /A/ is not rounded in presence of the following stressed /u/.
There is an evidence for anticipatory coarticulation between vowels in pretonic and post-tonic ACu

2.4. Labeling

All the recordings were manually annotated by a
phonetician. Precision of annotation was the main
focus. Phonetic transcription of the data was done
based on auditory and acoustic analysis. Each
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Figure 1: LA and LP kinematics while speaking
‘голубка’, /gA"lupkA/, ‘dove’.

Figure 2: LA and LP kinematics while speaking
‘голубика’, /gAlu"bj ikA/, ‘blueberry’.

30

30

Lip Aperture

Lip Aperture

25

25

20

20

15

0

100

200

300

400

500

600

15

700

0

16

100

200

300

400

500

Lip Protrusion
14

0

100

200

300

400

500

600

12

700

0

0.5

0.5

0

0

-0.5

700

Lip Protrusion

14

12

600

16

g

a

l

u

p

g

∆ LA
0.64
2.45
1.64
0.12

∆ LP
-0.12
-1.01
-0.53
-0.06

Table 2: The relative number of vowels
/A/ produced as rounded /u/ in various word
stress positions: 1—non-immediately-pretonic,
2—immediately-pretonic, 3—stressed, 4—posttonic. All values are in percent.
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are of the 2nd degree of reduction and are realized
as [@]. It seems that [@] in Russian is ‘neutral’ to
lip rounding. From this point of view these [@] realizations of /A/ are opposed to immediately-pretonic
[2] realizations of the 1st degree of reduction of /A/
as in Fig. 1. This must be tested further as there is
one more position in the word with the 1st degree of
reduction /A/—initial pretonic. We have no words
beginning with unstressed ACu (e.g. ‘акуратно’,
/Aku"rAtnA/, ‘be careful’) in our material to investigate lip movements. Nevertheless, we expect no anticipatory coarticulation in these words either, as it
is not mentioned in the pronunciation dictionary of
Russian [10]. But of course it requires further testing.
There are a number of cases in our material when
anticipatory assimilation goes across word boundaries. Figure 4 illustrates this phenomenon presenting pronunciation of adjacent words ‘палата-то голубого’ (ward blue), which are a part of a sentence
‘Палата-то голубого цвета’ (The ward (has) blue
colour). The words are not only separate phonological words here, but they have no direct syntactic
link between them as the word ‘голубого’ (blue)
is syntactically connected with the following noun
‘цвета’ (colour). Nevertheless, they are pronounced
with one lip movement. One can see that two posttonic syllables of the first word and two pretonic syllables of the second word are pronounced with one
lip movement: there is a plateau on LA plot and a
single monotonous rise of LP plot. The cases are

Table 1: Mean difference in LA and LP between
V1 and V2 in V1CV2 sequence depending on the
position relative to a word stress calculated in mm.

Vowel
unrounded pron. (/A/)
rounded pron. (/u/)

200

-0.5

k

Position of vowels
pretonic V1 and V2
pretonic V1 and stressed V2
stressed V1 and post-tonic V2
post-tonic V1 and V2

100

4
75.7
24.3

sequences (hereinafter ‘C’ - is any consonant), see
Fig. 2. See that non-immediately-prestressed /A/ is
rounded and there is some kind of plateau on LA
and LP plots along both syllables /gAlu/.
We have also found evidence for certain coarticulation between vowels in post-tonic ACACu sequences, see Fig. 3. Post-tonic non-final vowels /A/
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Our experimental results show the allophone [@]
of /A/ in Russian is anticipatory assimilated with the
following /u/. Moreover this anticipatory assimilation may influence two [@] in a row. It means that
not only consonants may be ‘neutral’ to lip rounding, but vowels as well. Our results showed the difference between two degrees of vowel reduction in
Russian from articulatory point of view, as /A/ of the
1st degree of reduction ([2]) is not rounded due to
anticipatory coarticulation.

rear—less than 10 %, but they are evidence for longdistance anticipatory coarticulation in Russian.
4. DISCUSSION AND CONCLUSIONS
Figure 3: LA and LP kinematics while speaking
‘выполотую’, /"v1pAlAtuju/, ‘weeded out’.
30
Lip Aperture
25

Figure 4: LA and LP kinematics while speaking ‘палата-то голубого (цвета)’, /pA"lAtAtA
gAlu"bovA/, ‘the ward (has) blue (colour)’.
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The amplitude of lip protrusion in our data does
not exceed 2 mm, which is very small in comparison with sensor size and the confidence interval of
spatial measurements. Thus speaking about lip protrusion we can only speak of tendencies, but cannot propose a coarticulation model of lip movements
triggered by rounded vowels. In our experiment
we followed the well-established design of EMA
recordings developed at the Institute of Phonetics
and Speech Processing, Ludwig-Maximilians Universität and Haskins Laboratory. The places to attach the ‘lip’ sensors are the middle of vermilion
border of the lips. These points do not move much
relative to the alveolar process, where ‘jaw’ sensors are attached. The better points would be the
procheilon for the upper lip and its counter point on
the lower lip. The problem is that in this case sensors
would clash with each other during pronunciation of
labial stops. So far we see no perfect solution for
this problem.
The LA and LP gestures are not completely
straight from one vowel to another, there are fluctuations caused by consonants that reflect underlying speech motor control processes or air-flow, as it
was discussed earlier by Perkell [12] and Fuchs with
colleagues [8].
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The anticipatory assimilation in Russian may be
up to 500 ms long and go across word boundaries. This argues for the possibility of long-distance
spreading harmonies in case of no blocking phenomena even in languages with no vowel or consonant
harmony.
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ABSTRACT
The present study investigates the role prosodic
context plays in the perception of durational
contrasts. A “coat”~“code” vowel duration
continuum was placed in two frames, one in which it
received a nuclear accent (as a control condition), and
another in which it followed a focused word. We
tested two competing hypotheses: (1)Based on
durational context alone, listeners might require
longer vowel duration for a “code” response when
following a focused (lengthened) word, compared
with the control condition, normalizing for proximal
duration. (2)Alternatively, listeners may expect
shorter vowel durations for a post-focus target,
because vowels are compressed post-focus. Two
experiments, using different length continua, find that
listeners in fact show both patterns of categorization.
When target vowel duration is short, categorization
shifts in line with expectations about prosodic
structure, negating proximal duration effects. Results
thus suggest that under the right circumstances,
sensitivity to prosodic patterns mediates the
perception of durational cues.
Keywords: prosody, speech perception, speech rate
normalization, focus marking.
1. INTRODUCTION
It is well established that the phonetic realization of
segments varies systematically by prosodic position
[14,15]. However, the way in which listeners’
perception of segmental contrasts is mediated by
prosody is an open question [16,19,26]. The present
study addresses this in light of recent research.
In one recent study, Kim & Cho [16] explored how
listeners might be perceptually sensitive to initial
strengthening [15] of VOT. Given that VOT is
robustly longer in phrase-initial than phrase–medial
position, the authors predicted that listeners would
require longer VOT to categorize a sound as voiceless
when Intonation Phrase (IP)-initial in a carrier phrase.
A VOT continuum (/pɑ/ ~ /ba/) was placed in the
carrier phrase “Let’s hear x again”. In one condition,
the target was IP-initial, preceded by an IP-boundary
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marked by phrase-final lengthening and
low
boundary tone on “hear” (“Let’s hear % x again”). In
another condition the target was IP-medial and the
carrier phrase was one unitary IP. The authors found
listeners required longer VOT for a /p/ response when
the target was IP-initial. They interpreted this as
compensation for initial strengthening, reflecting
sensitivity to the phonetic encoding of prosodic
structure, and prosodic context.
More recently, Mitterer, Cho & Kim [19]
suggested that this observed effect may be due to
speech rate normalization. Listeners adjust
categorization of VOT (and other temporal cues)
based on speech rate, where longer segmental
durations preceding a target shift categorization to
higher VOT values for a voiceless stop response [29].
Because the IP boundary used in [16] was cued by
phrase-final lengthening, and because rate
normalization occurs based on local/proximal
slowdowns [29], the shift observed by [16] may have
originated from differences in preceding length alone.
[19] shows that global slowdowns shift categorization
similarly, and that the removal of intonational cues to
boundary (via flattening of F0) does not alter
categorization, suggesting that the shift occurs on the
basis of duration alone. These results offer potential
support for the speech rate normalization account,
though as [19] highlights, in this particular case both
accounts predict the same effect. It is therefore
unclear to what extent listeners modulate
categorization on the basis of prosodic patterns.
Speech rate normalization is typically seen as
domain-general auditory processing (e.g. [19,21]),
and does not implicate linguistic structure (contra
[16]). As these two accounts attribute the same shift
in categorization to different mechanisms,
adjudicating between them is of theoretical interest.
1.2. The present study

In light of this unresolved issue and recent work
suggesting that prosody may indeed be relevant in
rate-dependent speech perception [26,27], the present
study investigated a different prosodic pattern as a
test case. We selected a case where, unlike [16,19], a
shift in categorization based on prosody would

predict the opposite of what would be expected in
speech rate normalization, namely, focus realization.
In English, a focused word is expanded in duration
and pitch, while words that follow are compressed in
both (and unaccented phonologically), known as
post-focus compression (PFC) [8,33]. As previous
literature on PFC documents the temporal
compression of vowels, we selected vowel duration
as a cue to coda obstruent voicing [7] as a test case.
This is a robust rate-dependent cue to voicing in
English [13,24]. We used a “coat”-“code” continuum
(chosen to be frequency-matched from [6]), varying
only in vowel duration.
We placed the target in a carrier phrase in two
prosodic conditions: (i) in the nuclear pitch accented
position as a control (the NPA condition), and (ii)
immediately after a focused word (the POST-FOCUS
condition). (1) and (2) show ToBI [2] transcribed
representations of this manipulation, where x is the
target. The name of each condition is given at right.
(1)

I’ll say x now
H*
H*
L-L%

(NPA)

(2)

I’ll say x now
L+H*
L-L%

(POST-FOCUS)

“Say” in (2), being focused, is longer than “say” in
(1). Therefore proximal speech rate normalization
(e.g. [19,29]) would be expected to shift
categorization to require longer vowel durations for a
“code” response following a relatively longer
preceding “say” in (2) (causing decreased “code”
responses in (2) relative to (1)).
On the other hand, according to the prosody
account, we would predict the opposite shift in
categorization. Specifically, if listeners attribute the
lengthening in “say” in (2) as marking focus, they
would expect a post-focus target to be shorter in
duration, as compared to (1). In other words, listeners
would require shorter vowel durations for a “code”
response following a focused “say” in (2) (causing
increased code responses in (2) relative to (1)). The
present experiments thus directly test the influence of
proximal durational cues on segment categorization
in comparison with prosodic context effects.
2. EXPERIMENT 1
Experiment 1 was a 2AFC task, where listeners
categorized a target sound as “coat” or “code”.
2.1. Materials

The target was placed in two carrier phrases
corresponding to (1) and (2) above, spoken by a
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ToBI-trained English speaker. In these sentences the
target was produced as “code”.
In creating the prosodic conditions for the stimuli
(using PSOLA [20], in Praat [3]), the words “I’ll” and
“say” were excised from both (1) and (2), and the
duration of the word “I’ll” and the [s] in “say” was
averaged across frames. The duration of the vowel in
“say” was manipulated in two ways, creating the two
prosodic contexts. In the POST-FOCUS condition, the
duration of the vowel [eɪ] in “say” from (2) was set to
be 205ms. In the NPA condition, the duration of the
vowel [eɪ] in “say” from (1) was set to be 125ms.
These vowel durations were only slightly different
from the natural productions of the vowel in each
sentence. The word “now” from (1) was appended to
both frames, creating “I’ll say __ now”. The only
durational difference across frames is thus in the
vowel [eɪ]. Crucially, the frame created from (2) has
increased pitch and amplitude on “say” (marking
focus) relative to that in the frame created from (1).
The POST-FOCUS prosody condition will refer to this
frame with a longer vowel (205ms) and other cues to
focus in “say” and a post-focus target. The NPA
prosody condition will refer to the frame created from
(1), with a shorter vowel in “say” (125ms) and the
target bearing the nuclear pitch accent.
The word “code” produced in (1) was used to
create the continuum. Voicing during closure was
removed to render the stop ambiguous. The mean
intensity and pitch of the target was then set to be the
average of these values for the targets in (1) and (2).
Rendering these values as averages ensures that the
pitch on target will not bias categorization (cf. [28])
and leaves it relatively prosodically ambiguous such
that its interpretation will be a function of context.
The continuum was created by resynthesizing the
vocalic portion of the target word, ranging from 60ms
to 150ms in 15ms steps. Each of the 7 steps of the
continuum was inserted into the two frames, to create
a total of 14 unique stimuli. The silent interval
preceding the onset [kʰ] in the target was set to 50ms.
The silent interval following the word-final stop was
set to 80ms, a relatively ambiguous value given that
stop closures are longer for [t] than [d] (e.g. [10]).
2.2. Participants and procedure

Thirty-two native American English-speaking adults
participated in the study. Participants were students at
UCLA and received course credit. Participants were
tested in a sound attenuated room in the UCLA
Phonetics Lab, seated in front of a desktop computer.
Stimuli were presented binaurally on a PeltorTM 3MTM
listen-only headset. Participants heard a stimulus and
saw “code” on one side of the screen and “coat” on
the other (counterbalanced across participants),

presented using Appsobabble [30]. They indicated
their choice by keypress (‘f’ for the word on the left
side of the screen, and ‘j’ for the word on the right).
There were 16 repetitions of each of the 14 unique
stimuli (224 trials). The ITI was 250 ms. Stimuli were
totally randomized (for each participant). Participants
took a short break halfway through the experimental
trials.
2.3. Results and discussion

Results were assessed by mixed-effects logistic
regression, in RStudio [25], using lme4 and emmeans
[1, 18]. The dependent variable in the model was the
listeners’ response (“code” mapped to 1). Fixed
effects were duration (centered at 0), prosody (effectcoded: POST-FOCUS mapped to -1, NPA mapped to 1),
and their interaction. Random effects were by-subject
intercepts, with maximal by-subject random slopes.
Figure 1 shows listeners’ categorization as the
proportion of “code” responses at each continuum
step. The model output is shown in Table 1.

0.5

post−focus
NPA

0

prop. 'code' responses

1.0

Figure 1: Categorization by prosody condition.
Points are fit with psychometric curves to show a
smoothed categorization trend.

60

90
120
150
vowel duration (ms)
vowel duration (ms)

As shown in Table 1, prosody did not have a
significant main effect (it is also not clear why the
90ms step of the continuum shows an unusually high
proportion of “code” responses). However, a
significant interaction (p < 0.001) shows an
asymmetry in the effect of prosody along the
continuum. To investigate the interaction, the effect
of prosody at each continuum step was tested. The
POST-FOCUS
condition
showed
significantly
decreased “code” responses at the two longest
continuum steps (see Table 1). This is expected based
on proximal speech rate: a longer preceding vowel in
the POST-FOCUS condition shifts categorization to
longer required durations for a “code” response.
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Table 1: Output from the Experiment 1 model
(top),with post hoc comparison of contrasts at each
continuum step (bottom).
z value
-3.35
0.38
10.26
3.48

p value
< 0.001
0.70
< 0.001
< 0.001

Comparison of contrasts with emmeans
duration (ms)
Estimate(SE)
z ratio
60
0.32(0.17)
1.87
75
0.20(0.15)
1.32
90
0.08(0.13)
0.56
105
-0.05(0.12)
-0.38
120
-0.17(0.13)
-1.34
135
-0.29(0.14)
-2.13
150
-0.42(0.17)
-2.66

p value
0.06
0.18
0.57
0.70
0.18
0.03
0.007

Intercept
prosody
v dur
prosody: v dur

β(SE)
-0.36(0.11)
0.05(0.13)
0.79(0.08)
0.25(0.07)

However, The effect disappears at all other steps
of the continuum, and a marginally significant effect
(p = 0. 06) in the opposite direction (predicted by
sensitivity to PFC) is shown at the shortest step.
These results suggest that the effect of context is
contingent on vowel duration itself, and that when
duration is short enough, listeners may be sensitive to
PFC. The possibility of an asymmetrical effect of
context on listeners’ categorization may be related to
the fact the unaccented vowels in English tend to be
shorter than the longer steps of the continuum used
here, both in isolated sentences [9] and corpora of
running speech [11]. Therefore, an effect of prosodic
context may only emerge when the duration of the
vowels in question more closely matches the typical
duration of unaccented (here, post-focus) vowels.
This idea is consistent with the hypothesis that
sensitivity to prosodic patterns in perception is to
some extent learned from language input. To test this
idea, we shortened the range of the continuum in a
second experiment (60-120ms), testing how listeners
might interpret contextual information when the two
longest steps are absent and the target vowel overall
maps onto more typical post-focus durations. In other
words, Experiment 2 tests if contextual effects of
prosody will be sensitive to how closely a durational
pattern matches the typical duration of sounds in that
context.
3. EXPERIMENT 2
3.1. Materials

In Experiment 2, the continuum ranged from 60120ms in 10ms steps. Steps were smaller and the
longest continuum step was 30ms shorter than that in
Experiment 1. All other aspects of the stimuli were
identical to those in Experiment 1.

3.2. Participants and procedure

Another thirty-two native American Englishspeaking adults participated in the study. The
procedure was the same as in Experiment 1.
3.3. Results and discussion

Model specifications were the same as for
Experiment 1. Figure 2 shows categorization split by
condition. Table 2 shows the model output and posthoc comparisons.

post−focus
NPA

β(SE)
z value
Intercept
-0.36(0.11)
-3.20
prosody
-0.25(0.19)
-1.28
v dur
0.39(0.08)
4.83
prosody: v dur
0.21(0.07)
3.124
Comparison of contrasts with emmeans
duration (ms) Estimate(SE)
z ratio
60
0.56(0.22)
2.53
70
0.46(0.20)
2.20
80
0.35(0.20)
1.78
90
0.25(0.19)
1.28
100
0.14(0.19)
0.74
110
0.04(0.20)
0.20
120
-0.06(0.21)
-0.295

p value
0.001
0.20
< 0.001
0.002
p value
0.01
0.03
0.07
0.20
0.46
0.84
0.77

0.5

4. CONCLUSIONS

0

prop. 'code' responses

1.0

Figure 2: Categorization by prosody condition.

Table 2: Output from the Experiment 2 model (top),
with post hoc comparison of contrasts at each
continuum step (bottom).

60

80
100
120
vowel duration (ms)
vowel duration (ms)

Though vowel duration significantly influenced
categorization as expected (p < 0.001), the
categorization functions of the continuum are quite
shallow, reflecting a high degree of ambiguity in the
stimuli. As in Experiment 1, there was a significant
interaction between prosody and vowel duration (p =
0.002). Testing the interaction showed the POSTFOCUS prosody condition significantly increased
“code” responses at the two lowest steps of the
continuum, with a marginally significant effect (p =
0.07) at the third lowest step. There was no significant
effect of prosody at higher steps on the continuum.
The directionality of the effect at all other steps,
except the longest, matched this pattern showing that
proximal speech rate effects were absent.
The effect of prosodic context can therefore be
taken to reflect listener sensitivity to the temporal
realization of PFC, contingent on the duration of the
target vowel itself. Reducing continuum step size
(approaching the JND for vowel duration for some
continuum steps [17]), may also have encouraged
listeners to rely more heavily on prosodic context and
less so on contextual durations, contributing to the
observed effect.
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The experiments reported here show that, under the
right circumstances, perceptual compensation for
prosodic context can indeed occur, supporting the
general argument made by [16, 26]. These results can
thus broadly be taken to suggest that prosodic patterns
can mediate listeners’ perception of durational cues,
though the restricted nature of the effect highlights
the need for further extension of these results.
As shown in Experiment 1, speech rate
normalization also occurs with longer vowel
durations, and only with shorter durations does
perceptual sensitivity to PFC appear (Experiment 2).
The observed contingency between the duration of
the target itself and the effect of prosodic context can
be taken as suggesting that sensitivity to prosodic
patterns plays a role only when durational values map
to expected durations for that prosodic context,
supporting the idea that sensitivity to prosodic
patterns is learned (in the sense discussed in [32, 12]).
These results may thus reflect an interplay between
domain-general, and language-specific effects in rate
dependent speech perception (following [22,23]).
The mechanisms underlying proximal speech rate
effects more generally remain a topic of investigation
[4,31], and the present results can complement these
lines of research by showing prosodic patterns merit
consideration as a mediating influence in the
perception of durational cues. Further exploring
these questions with speakers of languages with
different degrees of post-focus temporal compression
[34] may provide insight into the extent learned
language patterns account for the observed effect.
Extension of these results will therefore help to
improve our understanding of how prosodic patterns
are integrated into the perception of segmental
categories, and how they may interact with domaingeneral perceptual processes.
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ABSTRACT

languages have been reported to resolve such a conflict by making adjustments to the tune. Pitch targets
can be undershot or fail to be realised [12, 13], referred to as partial or complete truncation, or the
velocity of pitch movements can be increased, referred to as rate adjustment [8], or compression [2,
12]. These two strategies can also be combined [18,
22], and can also entail a shift in the timing of the
tune, starting it earlier [18].
More recently, attention has also been paid to adjustments to the text. Pressure to realise complex
tonal movements can lead to the insertion of nonlexical vowels: see, for example, [16, 23] on
Tashlhiyt Berber, and [7, 9, 10] on varieties of Portuguese. In an extensive survey across a wide variety
of languages, [24] point out that in contexts in which
phonologically relevant tonal movements need to be
realized, not only are non-lexical vowels more often
inserted, but also lexical vowels are less likely to
undergo devoicing and deletion.
In Italian, the language under investigation here,
intonation alone bears the functional load of distinguishing between polar questions and statements,
there being no morphological or syntactic differentiation. If the message is to be accurately transmitted,
it is imperative that the intonation encodes this distinction: it needs to be clear whether the speaker is
stating or asking something. In the variety spoken in
Bari, polar questions are typically produced with a
rising pitch accent (L+H*) on the stressed syllable,
followed by a falling (L-L%) or falling-rising (LH%) boundary tone sequence, resulting in rise-fall
and rise-fall-rise contours respectively [15, 27].
Both the rise-fall and the rise-fall-rise are dynamic,
complex contours, requiring a considerable amount
of time to be realised.
Regardless of focus structure, the distinctive intonation contour in Bari Italian is produced on the
final word in the phrase [15]. These words can have
different lexical stress patterns, including antepenultimate, penultimate (the most common) and final
stress. In this latter case, a complex intonation contour may be difficult to produce, especially since
word-final stressed syllables in Italian are short [4,
25].
In questions ending in words with final stress,
then, the challenge for speakers of Bari Italian is to
indicate that they are asking a question using a distinctive intonation contour, since the required contour would need more space than a short syllable

In the variety of Italian spoken in Bari, polar questions typically have a complex rising-falling(-rising)
tune, extending from the last lexical stress to the end
of the phrase, whereas statements have a low-falling
tune. When polar questions end in a word with final
stress, the realization of the complex tune has little
time to unfold and thus risks being impoverished.
We conducted a production study to investigate
how speakers realize these two tunes on words with
final open syllables that are stressed (sofà [so'fa]
‘sofa’) or unstressed (palo ['palo] ‘pole’). Results
show that when the final vowel is stressed, its duration is considerably longer in questions than in
statements (β = 111ms). We interpret this to mean
that the realization of the intonation contour is facilitated by extra duration on the vowel, thus providing
evidence for tonally conditioned adjustments
to segment durations.
Keywords: Tune-text association, final lengthening,
intonation, Italian,
1. INTRODUCTION
It is generally agreed that one of the most important
properties of intonation is that it is independent of
the words and phrases it occurs on [1, 19, 20]; in
principle, any tune can be produced on any text. This
separation of tune and text has led to important insights into the structure of intonation and the functions it expresses. Nonetheless, it has also been
acknowledged that intonational and segmental aspects of speech are inherently connected. For intonation to be produced, the vocal folds have to vibrate;
for intonation to be perceived, the sounds produced
should ideally exhibit periodic energy with a rich
harmonic structure [3, 28]. Amongst the segments
that typically make up the text, some do not have
vocal fold vibration at all, and others do not have
enough periodic energy for intonation to be adequately perceived. The shortage of pitch-bearing
material can lead to cases in which a communicatively relevant tonal contour (e.g. distinguishing a
question from a statement) might be impoverished,
potentially obscuring a functional contrast typically
signalled by intonation.
When the requirements of a tune are not met by
the text, we can talk of a tune-text conflict. Many
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would be able to provide. [17] showed for this variety that in monosyllabic names ending in a consonant
(e.g. Dick) there is a stronger tendency in polar
questions to add a schwa (/dikːə/) – and a longer
schwa – than otherwise, thus providing additional
space to produce the complex contour over a longer
stretch of pitch-bearing material.
The present paper looks at how complex contours
are realised when a schwa is not likely to be introduced, i.e. when words end in a lexical vowel rather
than a consonant. When the final stressed syllable is
too short, some varieties employ a different tune
altogether. For example, in Palermo Italian, polar
questions have a rise-fall tune in words with penultimate stress (domani /doˈmaːni/ ‘tomorrow’) but
only a rise in words with final stress (falò /faˈlɔ/
‘bonfire’) or in monosyllables (tu /tu/ ‘you’) [13].
However, the variety of Italian investigated here has
been reported to resolve this problem by only partially truncating the tune (rise-slump instead of risefall or rise-fall-rise), as well as by making durational
adjustments to the lexical vowel [14].
The aim of the current study is to investigate the
extent to which speakers make these durational adjustments, comparing the duration of word-final
vowels in neutral statements, in which the intonation
contour is expected to be a simple fall, with the same
vowels in polar questions, in which the intonation is
expected to be a complex rise-fall or rise-fall-rise.

ways an open question, as in (2). Only the target
sentences were analysed (in bold).
(1) Hai disegnato la casa?
Have you drawn the house?
Si ho disegnato quella. / No, ho disegnato l’albergo.
Yes, I have drawn that. / No, I have drawn the hotel.
(2) Che cosa hai disegnato?
What have you drawn?
Ho disegnato la casa.
I have drawn the house.
2.3. Procedure

Speakers sat in front of a laptop screen, wearing a
AKG C520 headset microphone connected to a Marantz PMD 661 digital recorder. Each target phrase
was presented in context on the screen. Speakers
were instructed to read each slide, first silently and
then aloud at a normal rate and in a natural way. If
they felt unsatisfied with their reading for any reason
(either because they felt their production was unnatural, or there was a disfluency), speakers were allowed to repeat the trial, including the context. During the task, a break was inserted every 20 stimuli,
but speakers were encouraged to take a break any
time they felt it was necessary. Target phrases in
context were presented in two separate blocks (one
for each prosodic condition), and they were randomised in each block.
2.4. Annotation

2. METHOD

Target words and final vowels were all manually
segmented and annotated by a native speaker of Italian using Praat [5]. Vowel intervals were identified
by discontinuities in the spectrogram along with
clearly visible energy of the second formant. The
end of the vowel was defined as the end of the second formant, which usually coincided with a sudden drop in the amplitude of voicing. Intonation contours were annotated holistically, with a choice of
four basic contours: fall, rise-fall, rise-fall-rise and
rise. Any other contours were classified as other.

2.1. Participants

16 native speakers of Bari Italian (14 females, 2
males, aged 20-35) participated in the recording sessions as volunteers. They were all undergraduate and
graduate students of the University of Bari. None of
them had a background in phonetics or prosody.
2.2. Stimuli and Materials

Materials consisted of 32 target disyllabic words, 16
with penultimate stress (trochees) and 16 with final
stress (iambs). Final vowel types were distributed
evenly across the two lists, which were also balanced for word frequency and occurrence of proper
and common nouns. Words were presented in two
sentence modalities (question, statement), resulting
in 1024 data points in total.
Contexts for eliciting target words involved mock
dialogues. For the polar question context, either a
positive or a negative contextualising answer was
randomly selected, as in (1), whereas for the statement context the contextualising question was al-

2.5. Analysis

We fit Bayesian hierarchical regression models to
measured vowel duration, using the library brms [6]
in R [21]. The models include maximal randomeffect structures, allowing the predictors to vary by
participants and by word. We analysed vowel durations (in sec.) predicted by stress pattern (trochaic
vs. iambic) and intonation pattern according to
pragmatic function (rise-fall(-rise) in questions vs.
fall in statements). We use weakly informative
Gaussian priors (e.g. [11]), centred around 0 (sd =
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Figure 1: Representative waveforms and
F0 contours for polar questions (top) and
statements (bottom) in trochees. Segmental
annotations in SAMPA.

0.1) for all population-level regression coefficients,
as well as standard priors of the brms package for all
other parameters. We report the means and 95%
credible intervals of the estimated posteriors distributions. We consider the difference between two
conditions as sufficiently compelling when the 95%
credible interval of the difference does not contain 0.
Data tables and R scripts can be retrieved here:
http://osf.io/xhmab.
3. RESULTS
3.1. Intonation contours

The intonation contours obtained were largely as
predicted from previous studies [15, 27]. Polar questions were produced with rise-fall-rises (L+H* LH%) and rise-falls (L+H* L-L%), both in penultimate and final stress conditions. In both conditions
rise-fall-rises prevailed, which, in this variety, is
typical for the more formal, reading style [14]. See
Table 1 for distributions of the different question
contours across the two stress conditions.
Table 1: Distribution of intonation contours in questions
across all speakers (rfr = rise-fall-rise; rf = rise-fall; r =
rise; other).
Stress/Intonation

rfr

rf

r

other

Trochees
Iambs

155
135

101
93

0
25

0
3

Figure 2: Representative waveforms and
F0 contours for polar questions (top) and
statements (bottom) in iambs.

It can also be seen in Table 1 that iambic words had
an alternative contour some of the time. This was a
simple rise, similar in shape to a continuation rise
[26], and was found in the productions of three of
the 16 speakers and constituted 10% of the contours
on words with this stress pattern.
There were three cases of high falls (captured in
the category “other” in Table 1), corresponding to
H*+L L-L%, typical of contrastive narrow focus,
confident checks or exclamatives. These can be regarded as negligible, given the low number and the
fact that they were all produced by the same speaker.
Statements had a low fall intonation contour
(H+L* L-L%) and were consistently produced
across speakers and conditions. See Figures 1 and 2
for representative examples of the most common
intonation contours for polar questions and statements across the two stress conditions.
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3.2. Confirmatory analyses

4. DISCUSSION

The vowel duration differences are shown in Table 2
and Figure 3. As predicted, there is compelling evidence for a two-way interaction between stress pattern and sentence modality in the expected direction.
Trochees in questions exhibit greater durations of
the vowel in the final syllable than trochees in
statements (β = 29 [18,42]). The same is true for
iambs but the difference is much more pronounced
(β = 111 [90,130]). Generally, vowels in the final
syllable are shorter when they are unstressed (trochee), but this difference is only compelling for
questions (β = -89 [-110,-67]), not for statements (β
= -7 [-2,7]). Even if vowels in unstressed syllables
were shorter than stressed syllables in the statement
condition, the difference would be very small (7ms),
raising the question as to whether these differences,
if credible, would be audible.

Results show that the duration of the final syllable is
longer in questions than in statements. In words with
final stress, the rise-fall(-rise) is realised on one syllable, indicating an adjustment in the duration to
accommodate the complex intonation contour. This
provides evidence for tonally conditioned segmental
adjustments in this variety, beyond the previously
attested insertion of a schwa.
We interpret these temporal adjustments to the
text to be a result of functional pressure to produce
the question tune. This pressure is not particularly
high in trochees, as there are two syllables on which
to realise the intonation contour. Nevertheless, a durational adjustment, albeit smaller, is made, indicating that the negotiation between tune and text might
be sensitive to the degree of time pressure.
The use of rise-fall-rise or rise-fall does not appear to be affected by the stress pattern as both contours are used with both stress patterns, with an
overall preference for rise-fall-rise, characteristic of
the elicited speaking style. However, three speakers
responded to the tune-text conflict by using a simple
rising contour. A simple rise can be used to signal
non-finality. This means that a clear marking of the
utterance as a question may be compromised. By
contrast, the majority of speakers, who always
lengthen the final vowel and thereby provide a more
conducive environment for the production of the
complex contour, do not have to compromise conveying the intended meaning. Current investigations
of non-final intonation on iambs aim to address this.

Table 2: Posterior means (β), 95% credible intervals, and
the probability that the estimate is smaller than zero for
the four relevant comparisons.
Comparison
Q vs. S (trochee)
Q vs. S (iamb)
Trochee vs. iamb (Q)
Trochee vs. iamb (S)

β

(95% CI)

Pr(β<0)

29
111
-89
-7

18,42
90,130
-110,-67
-21,7

0.0003
≈0
≈1
0.85

Figure 3: Duration of final vowel (y-axis) as a function of stress pattern (iamb blue left; trochee red
right) and sentence modality (x-axis). Semitransparent dots indicate average values for speakers. Solid dots indicate posterior means, error bars
indicate 95% credible intervals taken from the model
specified above.

5.

CONCLUSION

Our results are in line with recent production findings in a wide variety of languages concerning insertion, devoicing, and deletion of non-lexical vowels
[24]. This indicates that textual adjustments for accommodating tonal needs is more common than previously predicted. If a tone or tonal complex needs
to be realised, vowel insertion and lengthening can
increase the segmental material that is periodic and
harmonic enough to enable the articulation and perceptual retrieval of pitch movements. Likewise, reduction phenomena like vowel devoicing and deletion are less likely to occur in these contexts.
These patterns suggest that tune and text are anything but independent, and, instead, interact with
each other in an intricate way to fulfil the need to
transmit communicatively relevant messages. Since
such a negotiation can be phonologised, these insights can broaden our understanding of how different levels of phonological representations can coevolve to uphold message transmission accuracy.
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ABSTRACT
Languages exhibit various strategies to deal
with tune-text conflicts, arising when voiced
segments are insufficient for the realization of
complex tones. In languages with consistent
prosodic or metrical anchors for tones, it has been
observed that selected strategies tend to be either
tune preservation strategies (TPS) or segment
preservation strategies (SPS). However, to our
knowledge no explanation has yet been suggested
for the attested cross-linguistic variation. In this
study we aim to understand what regulates the type
of strategies to deal with tune-text conflicts. We
examined the productive phonology of Brazilian
Portuguese and several varieties of European
Portuguese, previously shown to vary their tunetext adjustments. We concluded that the choice
between TPS and SPS may be correlated with the
language/variety phonological profile: languages
that organize their productive phonology
predominantly around lower phonological levels
tend to select SPS; languages whose phonology is
predominantly organized around higher levels tend
to select TPS.
Keywords: tune-text association, epenthesis,
phonological profile, vowel split, tune truncation.
1. INTRODUCTION
In order to build a sentence, speakers select words
on the basis of factors other than the tonal context
in which those words will appear. Tune-selection is
also blind to the exact words that will be
instantiated in particular tone-landing positions
(e.g. [21]). Tonal categories are typically associated
with reference to prominent metrical positions and
to the boundaries of prosodic domains. In addition,
both pitch accents and boundary tones may be
formed of more than one tone (e.g. [21, 11]), and
the tonal categories, with their respective tonal
complexity, seem to be chosen irrespective of the
details of segmental or metrical context. Therefore,
in many languages it is possible to find words with
a phonological make-up that is not ideal for tune
association, lacking the necessary voiced segments
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for the realization of complex tones or tonal
movements in crucial tone-landing positions. For
example, in Bari Italian yes-no questions are often
assigned a rise-fall-rise contour, i.e. a LH*
associated to the head of the IP followed by a LH% boundary tone sequence ([18, 20]). This means
that in sentences ending in words like ma ‘mum’,
the last syllable is the tone bearing unit (TBU) of
three tones showing opposed pitch movement.
When number and type of segments and tones
do not allow for an optimal association, several
strategies are available across languages that allow
to resolve the emerging conflict. Although it seems
clear that some of the strategies selected may
depend on phonological factors such as particular
(types of) tonal events (e.g. [16, 27]), and that some
languages seem to prefer strategies that preserve the
tune, while others appear to privilege the text
instead ([15, 20]), to our knowledge there has been
no attempt to explain why languages may show a
preference for tune or text preservation.
In this study we investigate the reasons for
cross-linguistic variation in the choice of strategies
to resolve tune-text conflicts (TTC). We will first
look at the kinds of strategies available and their
distribution across languages (section 2). We will
then propose an explanation for the specific
combination of processes selected by various
languages, grounded on the phonological profile of
two pairs of very closely-related varieties or
dialects of Portuguese (section 3). We conclude in
section 4 with a brief discussion and a few final
remarks.
2. AVAILABLE STRATEGIES AND
DISTRIBUTION ACROSS LANGUAGES
Languages employ various sorts of strategies to
deal with TTC, as amply illustrated in the literature
([1, 2, 7, 8, 11, 15-17, 19, 20, 25]), namely: (i) tune
truncation (i.e. tonal targets are not realized); (ii)
undershooting (i.e. tonal targets are only partially
realized); (iii) re-alignment (i.e. tonal targets shift
leftwards); (iv) tune compression (i.e. tonal
movements are realized faster); (v) lengthening (i.e.
segments are realized with increased length); (vi)
segment split (i.e. 1 vowel splits into 2 vowels);

(vii) segment epenthesis (i.e. vowels are inserted for
tune preservation); (viii) blocking or application of
existing processes (i.e. processes that exist
independently of tunes are either blocked or applied
more frequently, resulting in enough segmental
space for tune realization).
Strategies
such
as
tune
truncation,
undershooting, re-alignment, and tune compression
allow for the preservation of the segmental
material, but always at the expense of tonal changes
- from hereon we will call this type of strategies
Segment Preserving Strategies (SPS). By contrast,
strategies like vowel split and epenthesis operating
in order to preserve the tune originate categorical
changes in segments – we will call this kind of
strategies Tune Preserving Strategies (TPS).
In addition to these two classes of strategies,
there is a third kind, whereby existing segmental
phenomena may be used opportunistically for tunepreservation purposes. In this case, there is little or
no change in one dimension (tune or text) in order
to preserve the other (text or tune, respectively).
This may be in part the case of lengthening, since
the contexts where tune-text conflicts arise are
often IP-final, and it is well-known that this is a
domain for final lengthening across languages,
irrespective of TTC (e.g. [21, 11]). Blocking of
vowel deletion and semivocalization is also a way
of preserving the tune not implying adding or
changing segmental material. Finally, vowel
epenthesis may serve purposes other than tune
preservation, as in Bari Italian, where vowel
epenthesis applies at the end of consonant final
loanwords that violate syllable constraints ([20]). In
[20], it is shown that, although vowel epenthesis
increases in TTC contexts, it is found in other
contexts as well (e.g. there is 71% of epenthesis in
questions with a rise-fall-rise vs 53% in
declaratives with a low-fall). Schwa epenthesis has
also been documented in Tashlhiyt Berber.
However, again, according to our understanding of
the data in [19, 29], it is not possible to state that in
this language schwas are inserted as a specific
resort for tune realization, given the variability of
schwa distribution, also appearing in contexts that
do not interact with tones. We will return to
Tashlhiyt in the last section, leaving it out of our
discussion for the time being.
In this study, we will concentrate on the
strategies that are triggered exclusively by TTC.
Table 1 summarises the strategies found in
different languages/varieties, according to the
literature. As it can be seen particular languages
may use more than one strategy. In addition, each
language only seems to employ strategies of TPS or
SPS type, but not both. Finally, TPS strategies, that
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is, those that are exclusively employed to preserve
the tune and that alter the segmental tier, have been
documented in varieties of European Portuguese:
Standard European Portuguese (SEP) and European
Portuguese spoken in Algarve (EP-ALG) and in
Funchal.
Table 1: Tune-text accommodation strategies ([1,
2, 7, 8, 11, 15-17, 19, 20, 25], and references
therein).
Accommodation
strategies
Tune truncation

Selected languages/ language
varieties
Swedish; Northern Standard
German; Palermo and Bari
Italian; Friulian; Brazilian
Portuguese – Atlantic Coast;
European Portuguese – BRA;
Leeds and Belfast English;
Moldavian Romanian; Catalan;
Russian; Seoul Korean

Undershooting

Northern Standard German;
Dutch; Seoul Korean; Catalan;

Compression

Swedish; Southern Standard
British English; Northern
Standard German; Catalan;
Cambridge and Newcastle
English; Seoul Korean; Russian

Re-alignment

Neapolitan Italian; Dutch;
German; Russian

Lengthening

Bari Italian; Standard European
Portuguese

Split

Standard European Portuguese;
European Portuguese – Funchal

Epenthesis

Standard European Portuguese;
European Portuguese – ALE;
European Portuguese – ALG;

Use of existing
processes
. blocking of
deletion
/semivocalization
. epenthesis

Standard European Portuguese;
European Portuguese – ALG;
European Portuguese – Funchal
Bari Italian

Importantly, Table 1 also contains varieties of
Portuguese that select SPS, namely Brazilian
Portuguese (BP) and European Portuguese – Braga
(EP-BRA), which exhibit tune truncation.
Figures 1-2, and corresponding audiofiles,
illustrate the relevant data. Figure 1 shows a yes-no
question ending in a proparoxytone word, with
enough TBU for the realization of L* HL% in BP,
and H+L* LH% in SEP; Figure 2 illustrates tune
truncation in BP and vowel insertion in SEP, when
the last word of the sentence is oxytone.

Figure 1: Yes-no question contour in Southern
BP (top, [6]) and SEP (bottom, [14]), without
tune-text conflicts. Os rapazes compraram
lâminas? (Did the boys buy slides?).

3. THE ROLE OF LANGUAGE
PHONOLOGICAL PROFILE
A look at the distribution of strategies across
languages in Table 1 indicates that constructs such
as rhythmic class are unable to explain the language
groupings obtained. Within the group of SPS, we
find both languages that have been classified as
stress-timed and as syllable-timed, like English and
Catalan, respectively, or as having mixed rhythm,
like BP (syllable- and mora timing) and Seoul
Korean (stress- and syllable timing) ([26, 12, 23]);
and Seoul Korean has been found to show the same
kind of mixed rhythm as SEP ([12]), a TPS variety.
Specific tonal sequences do not seem to explain
the selection of strategies either. In Friulian in TTC
contexts the last L of a L+¡H* L% tune is truncated
([30]), whereas in SEP, in similar contexts the tune
of questions with final narrow focus (L+H* HL%)
is fully realized, showing vowel split or schwa
epenthesis instead ([9]); and while in English L+H*
L-H% is pronounced with compression in TTC
contexts ([21]) and in Seoul Korean the canonical
melody of the Accentual Phrase (LHLH) is
truncated or compressed ([3]), in SEP the melody
L*+H LH% ([9]) displays vowel split or epenthesis.
Here, we will explore the hypothesis that crosslinguistic variation in the selection of SPS or TPS
follows from the language broad phonological
profile. Under this hypothesis, in languages where
productive phonology clusters predominantly
around lower domains, the text (segments,
syllables, foot) is more important than the tune, and
thus these languages will select SPS; by contrast, in
languages where productive phonology reveals less
care for segments, syllables and feet, privileging
more higher-level phonology, the tune is more
important, and thus these languages will select TPS
strategies.
We will test this hypothesis looking at the
productive phonology of two closely related
varieties of Portuguese (plus two less well studied
dialects). The underlying structure and lexical
phonology of the two pairs of varieties is very
similar while the kind of productive phonological
processes varies. Thus, these varieties provide good
testing ground for our hypothesis, limiting the set of
possible explanations for cross-linguistic variation.

Figure 2: Yes-no question contour in Southern
BP (top, [14]) and SEP (bottom, [10]), with tunetext conflicts. Ela foi ver o mar? (Did she go to
see the sea?).

Having observed that (i) there is great crosslinguistic and dialectal variation in the strategies
used for resolving TTC, but (ii) languages seem
to tend to select either SPS or TPS, but not both,
we may put forth the hypothesis that the
selection of the type of strategy in each language
is principled. We develop this idea in section 3.

3.1. Brazilian Portuguese phonological profile

BP is a well-studied variety of Portuguese (e.g. [22,
33, 32] and references therein). Major productive
phonologic processes show the importance of lower
prosodic domains, including: (i) systematic vowel
epenthesis to fulfil well-formedness constraints at
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the syllable level (e.g. the consonant cluster tm in
ritmo triggers vowel epenthesis: [ˈxitʃimu], instead
of [ˈxitmu], ‘rhythm’); (ii) binary rhythmic stress;
(iii) foot-related clipping phenomena (e.g.
professor>prófi ‘teacher’); (iv) nearly one pitch
accent per word, and frequent word internal tones
dependent on words’ number of syllables.
3.2. Standard European Portuguese phonological
profile

In contrast with BP, in SEP productive
phonological processes tend to involve higher
domains and phenomena that span phrasal domains,
changing the segmentals. These include: (i) massive
unstressed vowel deletion across the board, creating
sequences of 6 and more consonants (e.g.
desprevenido [dʃpɾvˈnidu] ‘unaware’, leading to
enhancement of word stress, but also to the unclear
status of the syllable postlexically - [4] put forth the
hypothesis that consonant sequences resulting from
these deletions may remain unsyllabified; (ii)
monophthongisation of /ow/; (iii) no evidence for
the foot domain - in normal speech no rhythmic
stress; no foot-related clipping; (iv) lower prosodic
levels do not bear pitch accent, only the head of IP
is obligatorily assigned a pitch accent, resulting in
sparse tonal distribution, and enhanced marking of
the IP head ([22, 10, 33, 32], a.o.); (v) long
prosodic phrases ([13]).
3.3. Braga European Portuguese phonological profile

Some facts (especially in less educated speakers
and more informal speech), indicate that in EPBRA segments and well-formed syllables are more
important than in SEP and EP-ALG ([28, 31, 24]),
including: (i) diphthongization (or place feature
spreading to preceding Onset) of (at least) labial
stressed vowels - this allows enhancing word stress
without deleting vowels; (ii) less deletion of
unstressed [ɨ] and [u] in word internal position than
in SEP ([28]); (iii) rather frequent realization of [i]
or [ej] in words starting with palatal fricative+C, as
in escola ‘school’ [iʃˈkɔlɐ] ([ʃˈkɔlɐ] in SEP) ([28,
22]); (iv) absence of /ow/ monophthongization; (v)
shorter prosodic phrases ([13]). According to [24],
furthermore, EP Northern dialects show preference
for V1 semivocalization (or vowel preservation)
rather than deletion of unstressed round vowels as a
strategy for across-word hiatus resolution.
3.4. Southern European Portuguese phonological
profile

This variety is less investigated. Nevertheless, a
few facts also distinguish EP-ALG from BRA,
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namely, (i) monophthongization of /ow/ and /ej/
([31]); (ii) no diphthongization of stressed vowels;
(iii) preference for V1 back vowel deletion for
hiatus resolution across words, instead of V1
semivocalization ([24]); (iv) long prosodic phrases
([5]). So, ALG patterns in relevant aspects as SEP.
4. DISCUSSION AND CONCLUSION
The data surveyed here indicate that languages
employ processes to specifically deal with TTC that
either preserve the segmental string but change
tunes (SPS), or preserve tunes but impact on
segments (TPS). It seems that languages tend to
choose either TPS or SPS strategies. According to
our proposal, the broad phonological profile of a
language is at the origin of the choice of one group
of strategies or the other: languages with productive
phonology predominantly clustering around lower
domains select SPS, while languages with
predominant phonology at higher levels select TPS.
Tashlhyit Berber (TB) was not discussed in this
paper. TB (arguably) lacks word stress, allows
words with no vowels and voiced segments,
exhibits quite variable schwa epenthesis, shows
more extreme tonal shifts, and allows for tones to
remain unrealized altogether ([19, 29]). TB thus
differs greatly from the other languages studied so
far with respect to TTC resolution, which, unlike
TB, all show consistent metrical or prosodic
anchoring. We do not exclude the possibility that
TB may represent a third type of language.
Our proposal seems to account for the
distribution of type of TTC strategies found across
languages. Nevertheless, the notion of phonological
profile requires further elaboration, and more
research is needed on the distribution of strategies
for TTC resolution across a larger set of languages
with different phonological profiles.
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First, on practical grounds, it requires the location
and annotation of landmarks in the tune (e.g. tonal targets) and landmarks in the text (e.g. segmental boundaries). These operations are not trivial, since manual
annotation is known to be time-consuming, and automatic annotation error-prone [3].
Second, in theoretical terms, this approach requires defining which landmarks are relevant, both
for the tune and for the text. However, in most cases,
such choices are tied to a specific theoretical framework, either explicitly or implicitly. Take for example
the choice of high turning points as relevant landmarks for the characterisation of the tune. This is a
reasonable choice for models within the AM framework, relying on a sequential organisation of level tonal targets. However, this choice is also intrinsically
incompatible with models approaching the perception
of intonation in terms of configurations [4]. Note that
the notion of a tonal target has also been treated as
problematic even within sequential models [5,6], as
in work on the perception of high plateaux [7], or on
F0 contour shapes as captured by the Tonal Center of
Gravity [8]. Similarly, the use of segments as relevant
landmarks for the text implicitly assumes a strictly sequential representation of speech. This view has been
challenged by models that emphasise the temporal
overlap in the activation of different articulators [9],
the continuous nature of the acoustic signal [10], the
integrated nature of speech perception [11] and the
epiphenomenal nature of phoneme-sized units [12].
In this paper, we propose and test an alternative
approach, which overcomes both the methodological
and the theoretical shortfalls mentioned above. The
approach relies on modelling both the text and the
tune without discretising them into sequential units.
Rather than reducing F0 contours to turning points,
the tune is modelled by taking into account the full
details of the shape of the contours in the relevant regions of the signal. Rather than segmenting the
speech stream into phones and syllables, the relevant
regions of the text are modelled by extracting periodic
energy curves. Periodic energy fluctuations show
peaks in correspondence with vocalic sounds, and
troughs in correspondence with non-vocalic sounds.
As such, they can be used as a proxy for syllabic cycles, thus reducing the necessity for segmenting the
text. Importantly, periodic energy is also crucial to
adequately model the perception of tonal events,

ABSTRACT
A widespread approach to research on intonation categories involves extracting relevant landmarks in the
tune (e.g. F0 turning points) and relating them to relevant landmarks in the text (e.g. phone boundaries).
This approach is problematic, both in theoretical
terms (e.g. no consensus as to what is a relevant landmark in either domain) and in practical terms (e.g. locating segments and F0 turning points with either error-prone automatic annotations or time-consuming
manual annotations).
We propose and test an alternative approach that
overcomes both types of problem. The tune is modelled taking into account the shape of F0 contours,
and the text is modelled by means of periodic energy
curves. We exploit the interaction between these two
dynamic trajectories to observe and quantify intonation. Compared to the standard approach, our method
requires less manual work and makes fewer theoretical assumptions, but nonetheless has similar descriptive power.
Keywords: Alignment, Synchrony, Periogram
1. INTRODUCTION
It is notoriously difficult to adequately describe intonational categories and to distinguish between them.
To these ends, intonation analysts often rely on the
extraction of acoustic cues from both the tune and the
text. For example, in order to characterise the difference between the pitch accents employed in questions
vs. statements in some languages, researchers annotate the temporal boundaries of the stressed vowel or
syllable (the text) and locate a high tonal target in the
F0 contour (the tune). These landmarks are then used
to calculate the position of the F0 peak with respect
to the chosen segmental unit (i.e. the tonal alignment)
[1]. If questions and statements showed consistent
differences in their tonal alignment, there are reportedly (at least) two distinct intonational categories in
the language under investigation. This approach
(henceforth standard approach), often under the umbrella of autosegmental-metrical (AM) phonology
[2], has informed a large part of intonation research
in the last two decades, and has yielded a considerable
number of insights for a great number of languages.
However, it is problematic in at least two respects.
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since sensitivity to F0 is known to be greater when
periodic energy is stronger [13].
To test this new approach, we compare its performance with a classical analysis in terms of tonal
alignment, using a corpus of read Neapolitan Italian
speech. In the following, we detail the metrics we employ when applying both the standard approach based
on the Alignment of high turning points with respect
to syllabic boundaries (§2.1.1), and our own proposal
based on the Synchrony of tonal centers of gravity
with centers of periodic mass (§2.1.2). Then we introduce the corpus (§2.2) and detail the logic behind the
statistical modelling (§2.3), before we report on our
results in both visual (§3.1) and quantitative (§3.2)
terms.

Using the first and second derivatives of the periodic energy curves we automatically locate local minima that reflect the boundaries of periodic fluctuations, expecting the number of fluctuations to correspond to the number of syllables (always eight in this
corpus, cf. §2.2). The Center of Periodic Mass
(CoPM) is calculated as the average time point within
fluctuation, weighted by periodic energy to designate
the balance point of each fluctuation. Finally, an algorithm is designed to choose the single accented
fluctuation which corresponds to the pitch-accented
syllable (96% of CoPM in accented fluctuations fall
within the region of the stressed vowel).
Using this procedure, we obtain three time points
that define the accented fluctuation in time, alongside
continuous data that reflect the strength of its vocalic
content (area under the periodic energy curve), and,
in conjunction with F0, reflects the relative strength
of different F0 qualities over time (Periogram [19]).
The accented periodic fluctuation is taken as the
locus of the tonal event in question and is used to determine the characteristics of this event. We measure
the Tonal Center of Gravity (TCoG, [8]) in a similar
way to the above-mentioned CoPM measurement,
only now the average time point within the fluctuation is weighted by the F0 trajectory (subtracted by
the local minimum F0 value). The TCoG within fluctuation is sensitive to continuous aspects of the contour shape (linear rise vs. fall, as well as concave vs.
convex slope), thus the distance between the TCoG
and the CoPM within the accented fluctuation is taken
to reflect perception in terms of synchrony between
the text and the tune. For example, the location of the
TCoG further to the right of the CoPM signals the
perception of a rising movement. The distance between the two points is expected to increase with a
steeper rise and/or a more convex shape. The measurements presented under Synchrony are obtained by
calculating the TCoG-to-CoPM distance, relative to
the duration of the accented periodic fluctuation (zero
denotes perfect synchrony, akin to an in-phase relation).
The accented fluctuation is also informative in relation to the relative scaling of the tonal event. To this
end, we measure the F0 range within fluctuation and
compare it with the speaker’s range to report scaling
in terms of the relative F0 Excursion.

2. METHOD
2.1. Metrics

2.1.1. Alignment (and Scaling)
To model our data using the standard approach, we
applied state-of-the-art practices in intonation research. For each utterance in the dataset, we extracted
the F0 contour, and manually corrected pitch-detection errors using a scripted procedure, which yields
smoothed curves [14,15]. We used first and second
derivatives to annotate the high tonal targets and turning points of the relevant pitch accents. We then used
a publicly available forced-alignment tool to segment
the utterances at the phone level [16]. The performance of this forced-aligner was evaluated against
manual segmentation, yielding satisfactory results
(e.g. 94% of phone boundaries are positioned within
20ms of the manual reference).
Once a turning point was located, its Alignment
was calculated as the position of the tonal target relatively to the duration of the stressed syllable. In this
way, tonal targets appearing at the midpoint of the
stressed syllable receive an alignment value of 50%,
and targets located in the post-stressed syllable have
alignment values >100%. We also extracted peak
Scaling, calculated in relative terms, by taking the F0
range of the relevant speaker into account, using all
her productions available in the dataset.
2.1.2. Synchrony (and Excursion)

2.2. Material

In our alternative approach, we obtain periodic energy data using the APP detector [17] and combine
them with the corresponding F0 time-series. The periodic energy curves undergo a set of smoothing and
log transform functions in R [18], and they are corrected for loss of data when periods in the signal
change length too rapidly (i.e. when steep rises or
falls occur in F0; see [19] for details).

These four metrics (Alignment and Scaling; Synchrony and Excursion) were extracted for the 756 utterances composing a corpus of read Neapolitan Italian speech ([20], §4.2.1.2). 21 native SPEAKERS read
3 REPETITIONS of one of 2 SENTENCES composed by

573

subject, verb and indirect object. Sentences were presented together with a contextualisation paragraph,
which induced one of six possible interpretations.
These are given by the combination of two different
sentence MODALITIES (question vs. statement) with
three different FOCUS placements (subject vs. verb vs.
object). A small number of items was discarded for
technical reasons (N=25).
According to descriptions of the intonation of this
variety of Italian, peaks in Questions are expected to
be aligned later than peaks in Statements, making
MODALITY the crucial predictor for the following
analyses, and Alignment vs. Synchrony our test metrics [21]. Scaling and Excursion will be used merely
to visualise the dataset in a familiar way (e.g. utterances as point clouds, with Alignment on the x-axis
and Scaling on the y-axis), given their reportedly minor role in this contrast [20].

The interaction between REPETITION and MODALdid not contribute to the fit of most models, but
since it did contribute in a few cases, we refrained
from simplifying this term in any of our models. We
then compared models predicting the old and new
metrics, separately for each FOCUS condition (e.g.
Alignment vs. Synchrony for data from FOCUS condition 1). Since the models predict different dependent
variables, they could not be compared using Likelihood Ratio Testing. In cases like this, the usefulness
of the Akaike Information Criterion is also disputed.
We thus compared old and new cues by means of
marginal R² [23,24], as implemented in [25].
ITY

3. RESULTS
3.1. Data visualisation

We compared the performance of our two metrics by
plotting data separately for each FOCUS condition, but
jointly for all SPEAKERS, SENTENCES and REPETITIONS. The two MODALITIES were symbol-coded
(Question: empty black square, Statement: filled red
circle). The Figures below show data for Object-FOCUS cases, separately for Alignment (Figure 1) and
Synchrony (Figure 2). Vertical lines are added at
x={0,100} in Figure 1 to indicate the boundaries of
the stressed syllable, dividing the plot in three vertical
panels (roughly corresponding to early, medial and
late peaks). The vertical line x=0 in Figure 2 shows
the point of perfect synchronisation between TCoG
and CoPM, dividing the plot into two panels (roughly
corresponding to falling and rising contours). The
plots suggest that the two test metrics perform very
similarly. This holds for the two other FOCUS conditions (omitted for brevity).

2.3. Modelling

The quantitative analyses below (§3.2) are based on
linear mixed effect modelling. Intonation in this variety is sensitive to the position in the utterance of the
focal accent, since questions can also be characterised
by the presence of a final F0 rise (which can further
affect tonal alignment; see [22] for details). For this
reason, tests were run separately for each FOCUS condition. We predicted the two test cues (Alignment and
Synchrony) using four individual models, specifying
MODALITY and REPETITION (and their interaction) as
fixed factors, and fitting random intercepts and random by-MODALITY slopes for SENTENCE and
SPEAKER.

Figure 2: Proposed approach (Synchrony).

Figure 1: Standard approach (Alignment).

574

overrepresentation of experiments using carefully
scripted read speech, as opposed to the relatively less
frequent use of ecologically valid spontaneous recordings. Most intonation research relies on stimuli
avoiding intervocalic geminates, voiceless sounds,
and other features that make the discretisation of tune
and text less manageable. These stimuli might indeed
be “ideal” for the extraction of Alignment due to the
lack of F0 discontinuities and of ambiguous segmental boundaries, but they require the use of tasks often
devoid of communicational plausibility, such as reading tasks. Using periodic energy to model the text
(with emphasis on the strength of the vocalic content),
allows us to shed light on the relevant portions of the
F0 contour from within the acoustic signal itself. By
removing the need of discretising and reducing the
signal, we remove the need to use stimuli that minimise these problems, with the consequence of broadening the spectrum of speech materials viable for intonation research.
Beyond having similar descriptive power, the crucial contribution of this new approach lies in reducing
the amount of theoretical assumptions required to
model intonation. Standard autosegmental-metrical
modelling rests on the assumption that the text can be
segmented into units and the tune can be discretised
into a sequence of tonal targets. As such, it is only
with great effort that it can be made compatible with
models of holistic pitch perception. The proposed
novel approach removes this hurdle, while retaining a
crucial insight of the AM approach, namely the relevance of the tune-text synchronisation.

3.2. Quantitative analysis

Statistical modelling confirms the outcome of data
visualisation. As expected, predictions for both Alignment and Synchrony have significantly higher accuracy when MODALITY is included in the model
(p<0.001 for both metrics and for all focus types).
More importantly, the new metrics appear to be as reliable as the old ones in separating the two MODALITIES.
For example, in the case of Object-FOCUS data, the
model predicting Alignment has a marginal R² (R²m)
of 0.56, while the model for Synchrony has 0.58. This
small difference in favour of the new metrics is not
attested for Verb-FOCUS data, and is inversed for
Subject-FOCUS data. This pattern suggests that neither Alignment nor Synchrony perform clearly better
than the other, indicating that the old and new metrics
have similar descriptive power. For completeness,
Table 1 also include values for conditional R² (R²c,
which seem to favour Alignment for all FOCUS conditions) and for AIC (which seem to favour Synchrony
for all FOCUS conditions), thus confirming that Alignment and Synchrony show comparable performance.
Table 1: Marginal R² comparisons, by FOCUS.

FOCUS
Subject
Verb
Object

Metrics
Alignment
Synchrony
Alignment
Synchrony
Alignment
Synchrony

R²m
0.60
0.44
0.57
0.57
0.56
0.58

R²c
0.74
0.66
0.74
0.70
0.76
0.74

AIC
2043
1696
1904
1588
2055
1703

5. CONCLUSION

4. DISCUSSION

We introduced and tested an approach to intonation
modelling that relies on the parametrisation of continuous signals (F0 contours and periodicity profiles) rather than on the discretisation of the tune (into tonal
targets) and of the text (into segments). The model
makes fewer theoretical assumptions and can be applied to stimuli traditionally considered as sub-optimal in intonation research. As such, the proposed
method holds promise for the unification of intonation research, being compatible with a variety of theoretical frameworks and testable on a variety of
speech materials.

Our results suggest that, compared to the standard
metric of Alignment, the proposed metric of Synchrony is equally reliable in separating Question from
Statement focal pitch accents in read Neapolitan Italian. We interpret these findings as suggesting that no
descriptive power is lost when using metrics that rely
neither on segmenting the speech stream, nor on reducing intonation contours to a sequence of tonal targets.
More importantly, by removing the need for the
laborious and delicate procedure of segmenting the
text (into segments or syllables) and the tune (into tonal targets), the new metrics also contribute to reducing both the workload required for manual annotation
and the problems encountered owing to the reliability
of automatic annotation of segments and tonal targets.
These difficulties in extracting and parametrising intonation are an important reason for the relative
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conducted have been limited in scope, mainly through
the lack of availability of sufficiently diverse speech
data. Researchers now have access to AusTalk [6] – a
large audiovisual corpus collected using a range of
acquisition tasks to sample speech from ~900
individuals across the country. We use AusTalk to
provide the foundation for a broader approach to
investigating AusE regional vowel variation.

ABSTRACT
Analysis of regional variation in Australian English
(AusE) is limited in scope mainly through lack of
access to sufficiently diverse speech corpora. Perhaps
this helps to explain the long-held belief that regional
phonological variation in AusE is quite restricted.
Here we present analyses of vowels in a standard
phonetic context from word-list data collected for the
large-scale AusTalk corpus. The aim is to establish
the first published baseline investigation of regional
variation for vowels across speakers from four major
Australian cities. Twelve monophthongs and 6
diphthongs were examined from 109 male and female
speakers under 35 years from Sydney, Melbourne,
Adelaide and Perth. Using discrete cosine transform
to capture time-varying formant detail, we found
evidence for region-specific variation for a small set
of vowels including GOAT, NEAR, GOOSE and
THOUGHT. The results highlight the need for more
detailed analysis of a wider range of phonetic,
stylistic, social and regional contexts.
Keywords: Australian English, vowels, regional
variation, vowel inherent spectral change, DCT.

2. BACKGROUND
AusE retains its historical association with Southern
British English (SBE) through (among other things) a
largely equivalent phonemic vowel inventory
described as containing twelve monophthongs
(including /eː/ SQUARE), six diphthongs, and schwa
[9]. Few region-specific phonological markers have
been empirically examined internal to AusE. Mitchell
and Delbridge [23] found GOAT /əʉ/ to be the only
vowel to display regional variation in their auditory
survey of over 7000 school pupils from across the
country. They described GOAT from South Australian
Independent school girls as having a 'curiously
variable glide' ranging from '[ɛ˫ʊ] to [ɛ˫y˫], and from
[ɔʊ] to [ɒy]' compared to the more widespread variant
of the time [ʌʊ] [23:84] (see also [26]). Bradley [5]
also suggests a possible regionally distributed pattern
for NEAR /ɪə/ related to vowel dynamicity (see also
[13]) with greater monophthongisation in Sydney,
New South Wales (NSW) compared to Perth.
Western Australia (WA). Another identified regional
variant relates to the GOOSE /ʉː/ vowel. Oasa [26],
found a more phonetically retracted GOOSE in
Adelaide, South Australia (SA) and Melbourne,
Victoria (VIC) compared to Sydney, and he identified
region-specific offglides for GOOSE in word final
(prepausal) position (i.e. a phonetically fronting glide
in Adelaide but a retracting glide in Sydney). Horvath
and Horvath [19] showed vocalised /l/ as being more
common in SA than in NSW, as was the pool/pull
merger described in [5, 7, 26]. Finally, the most well
documented regional phonological effect is the
celery/salary merger in VIC [8, 21, 22].
Based on these previous analyses, we predict the
following differences between the vowels in non-prelateral contexts across the major cities:
1. GOAT /əʉ/ is expected to be distinctive in
Adelaide based on evidence from [7, 23, 26].
This effect is related to phonetic retraction of the

1. INTRODUCTION
Australia is the sixth largest country, almost the size
of the USA and 32 times greater than the UK so it
might be surprising to learn of a long-held belief that
regional phonological variation is restricted in
Australia [2, 9, 30]. Several reasons have been
proposed to explain the apparent regional
homogeneity. Bernard [1] and Trudgill [27] suggest
linguistic determinism whereby the mix and
proportion of the input varieties were so similar in
each of the major settlements that the same
phonological outcomes ensued. They proposed that
high mobility from the time of European settlement
until the escalation of both immigration and internal
migration during the 1850s' gold rushes contributed
to the lack of regional differentiation (see also [30]).
The similarity between regional Australian English
(AusE) accents has also been considered a
consequence of quite recent European settlement, but
may also suggest that national identity has a stronger
influence than regional affiliation [4]. However, the
idea that AusE lacks regionally-specific variation is
based on little empirical evidence. The studies

577

phonetic information may be cued by dynamic
features as the vowel unfolds in time. Vowel Inherent
Spectral Change (VISC) – inherent dynamicity
associated with the vowel rather than the context –
may be a characteristic of all vowels [12, 14, 24, 25,
31]. In line with [28] and [29], we use the first two
discrete cosine transform (DCT) coefficients to
encode some of the characteristics of time varying
frequency information for each individual hertzscaled formant trajectory [31]. The zeroth DCT
coefficient models the mean of the formant trajectory
and the first DCT coefficient models the direction and
magnitude of individual formant change, i.e. the slope
of the formant as it unfolds in time. Such an approach
has been successfully used to model English vowels
in [17, 18, 28, 29]. As our data are restricted to a
standard phonetic context, DCT coefficients were
extracted from formants sampled at 30 equally spaced
time-points across the entire vowel.
We acknowledge that consonantal context may
affect region-specific vowel production as has been
described above for pre-lateral contexts. However, it
is also important to begin with a baseline analysis,
such as in [10] and [15] who showed that a restricted
consonantal context may offer 'important information
about the inherent dynamic vowel structure' [15:446].
[11] found that regional variation in vowel production
was present in the American English Nationwide
Speech Project even in hVd words. To establish a
baseline regional comparison of AusE vowels, we
similarly present an analysis of hVd data with the
caveat that this approach can never reflect the rich
diversity of productions that occur in the range of
phonetic, prosodic and stylistic contexts but
nevertheless can provide a framework against which
future fine-grained analyses can be compared.

first element and increased fronting of the
second element of the diphthong in Adelaide
speakers compared to those from other cities.
2. NEAR /ɪə/ is expected to be more monophthongal
in Sydney [5] compared to Perth [13].
3. GOOSE /ʉː/ is expected to be more fronted in
Sydney than Adelaide [3, 7, 26] and to show
region-specific offglides as described above.
We expect that the most salient differences between
cities that are truly the result of a regional effect will
apply to both males and females. In addition, the
current analysis will use techniques that may capture
some dynamic characteristics of vowels and therefore
may illuminate previously unreported patterns.
3. METHOD
3.1. Tokens and participants

The present analysis is based on AusTalk [6] which
contains data from four scripted and four spontaneous
speech tasks. In one scripted task (recorded on three
separate occasions with separate randomisations),
participants produced 322 words (including the 18
stressed vowels of AusE in the hVd context) upon
orthographic presentation on a computer. AusTalk
participants under 35 years who had completed all of
their primary and high school education in one of four
major cities were selected: Sydney (17 males, 17
females), Melbourne (8 males, 17 females), Adelaide
(13 males, 12 females), Perth (11 males, 14 females).
Insufficient data were available for other major
centres to provide adequate power for an extended
analysis. Data from the selected speakers included
between one and three tokens of each hVd word: 5377
tokens in total. Twelve monophthongs (males:
n=1658; females: n=1941) and six diphthongs (males:
n=821; females: n= 957) were examined.

3.4. Data Analysis

3.2. Data Processing and Coding

Mixed models were run in R using lmer() separately
for males' and females' monophthongs and
diphthongs (to avoid the necessity to normalise the
data and because the two vowel classes behave
differently with respect to dynamicity [14]). In each
model either the zeroth or first DCT coefficient
(DCT0, DCT1) of F1 or F2 was the dependant
variable and the fixed factors were Vowel (12 levels
for monophthongs and 6 levels for diphthongs) and
City (4 levels). Thus 16 models were run – F1 DCT0,
F1 DCT1, F2 DCT0, F2 DCT1 for each sex and for
monophthongs and diphthongs separately. Random
intercepts were included for Speaker and Repetition.
A slope was included for Repetition on Speaker. The
anova function and resulting chi-square test of
significance was used to compare the difference
between competing lme models. In each of the 16

Data were processed in WebMAUS [20] using an
AusE model. Automatically generated textgrids were
hand corrected for vowel onset and offset following
criteria outlined in [28]. Textgrids were imported to
Emu(http://ips-lmu.github.io/EMU.html) for formant
checking/correction. Formants were automatically
tracked using ESPS/Waves (12th order LPC with a 25
ms raised cosine window and a 5 ms frame shift).
3.3. Vowel Inherent Spectral Change

There is a long history of examining vowels using
static target-based methods where the stable portion
of the vowel is characterised by the frequencies of the
first two or three formants (see [16] and references
therein). However, phonemic identity and important
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(p<.01). F2 DCT1 provides some support for reduced
dynamicity for this vowel in Sydney but not
compared to Perth as predicted. Further analyses in a
greater range of contexts is needed to tease apart the
complex relationships pertaining to NEAR.

analyses the addition of a random slope did not
improve the model fit so was removed thus:
model = lmer(dependent variable ~ Vowel * City +
(1|Speaker) + (1 |Repetition))
The lmer analyses indicated a significant
Vowel*City interaction χ2 (p<.001) for all 16
analyses. The χ2 statistics will only be reported where
relevant post-hoc results are discussed. Post-hoc
analyses were conducted to illuminate City-based
effects with Tukey adjusted significance values.
4. RESULTS
Figures 1 and 2 illustrate the vowel spaces and
selected diphthong trajectories for females and males
respectively. Post-hoc analyses confirm our first
hypothesis that GOAT /əʉ/ shows a strong regional
effect. The phonetically retracted first element of the
GOAT diphthong giving rise to a raising and
considerably fronting glide (see Figures 1 and 2) has
been previously described as a regional variant of
Adelaide [23, 26]. The present analysis confirms this
regional effect and shows that the variant has
extended to Perth. The main difference illustrating
this effect appears in the F2 DCT1 (Vowel*City:
female (χ2(15) = 107.72, p<0.001; male (χ2(15) =
93.59, p<0.001). Post-hoc results show that Sydney
females' productions differ significantly from Perth
and Adelaide (p<.001). The same applies to males for
Sydney vs Perth (p<.05) with the Sydney vs Adelaide
difference showing a strong trend (p=.0523).
Melbourne also differs significantly from Adelaide
(females p<.001; males p<.05) and Melbourne males
differ significantly from Perth males. (p<.05). These
results suggest in general terms that productions from
the western states (SA and WA) differ from those in
the eastern states (VIC and NSW) for this vowel.
Our second prediction of a significant effect for
NEAR /ɪə/ dynamicity being reduced in Sydney but
greater in Perth had mixed support. For males there
was a significant F1 DCT0 effect (Vowel * City (χ2
(15) = 53.857, p<0.001). The mean Perth F1 is lower
than the other cities indicating a phonetically raised
vowel. Post-hoc results show a difference between
Perth and Adelaide (p<.01) and a trend for Perth vs
Melbourne (p=.0568) and Sydney (p=.0830). For F2
DCT0 (Vowel * City: female (χ2 (15) = 50.035,
p<0.001; male (χ2 (15) = 64.195, p<0.001), Sydney
females produced a vowel that was on average
significantly more fronted than Adelaide (p<.01).
Similarly, Sydney males produced a vowel that was
on average significantly more fronted than those in
Perth (p<.05). For F2 DCT1 (χ2 (15) = 93.59,
p<0.001), Sydney females differed from Melbourne
and Adelaide (p<.05), whereas males showed an
effect for Melbourne vs Sydney and Adelaide

Figure 1: Vowel spaces for female speakers including
diphthong trajectories for GOAT /əʉ/, PRICE /ɑe/, NEAR
/ɪə/. Note GOAT and PRICE are rising diphthongs and
NEAR is a centring diphthong.

Figure 2: Vowel spaces for male speakers including
diphthong trajectories for GOAT /əʉ/, PRICE /ɑe/,
NEAR /ɪə/. Note GOAT and PRICE are rising
diphthongs and NEAR is a centring diphthong.

The third prediction of a regional effect for GOOSE /ʉː/
was supported but the details require some
qualification. The F2 DCT1 results (Vowel * City:
female (χ2 (33) = 141.82, p<0.001); male (χ2 (33) =
145.7, p<0.001) show that male and female Adelaide
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and Perth speakers produce significantly greater
fronting as the vowel unfolds than Sydney speakers
do as predicted (Sydney vs Adelaide: females p<.05;
males trend p=.0527; Sydney vs Perth: female
p<.001; male p<.05). However, the vowel in Sydney
was not found to be generally more fronted as
expected (i.e. there was no significant city effect for
F2 DCT0). Figure 3 illustrates that Adelaide and
Perth pattern together in the F2 trajectory and differ
from Sydney.

Analysis of NEAR /ɪə/ also shows some regional
differentiation but the effects identified were not
consistent between males and females and did not
show the difference between Sydney and Perth that
we had hypothesised [5, 13]. Further investigation of
this vowel is warranted. In support of our third
hypothesis, GOOSE /ʉː/ displayed diphthongisation
(greater gliding of F2) in Adelaide and Perth
compared to Sydney [26] but we did not find
increased phonetic fronting in Sydney as would be
predicted based on analyses in [3, 7, 26].

♂
Figure 3: F2 trajectories in hertz over normalised time
for GOOSE /ʉː/: females – left panel, males – right panel.

In addition to those stated above, the analysis
revealed effects not previously described. Adelaide
females produced the THOUGHT /oː/ vowel with
greater offglide (progressive raising of F1 indicating
phonetic lowering) as exemplified by a significant
effect for F1 DCT1 (Vowel * City: female (χ2 (33) =
61.617, p<0.01). The analysis showed that Adelaide
differed from Sydney, Melbourne and Perth (p<.05)
(Figure 4). Males did not show this difference.
An additional dynamic effect was found for TRAP
/æ/ F1 DCT1 (Vowel * City: (χ2 (33) = 79.095,
p<0.0001) showing that Perth males produced less
change in F1 across the vowel compared to those
from other cities (Perth vs Adelaide p<.01, Perth vs
Melbourne/Sydney p<.001). There was also a
significant effect for PRICE F1 DCT0 with Perth
females producing phonetically lower vowel (p<.01)
than in other cities (Figure 1).

DCT analysis is a powerful tool in its ability to
characterise some aspects of VISC (particularly
DCT1). Therefore, it has the potential to highlight
effects that would not be revealed using a static
formant-based approach. We have found regional
differences not previously identified such the offglide
of THOUGHT /oː/ used by Adelaide females but not
present in other cities. We have also shown, that TRAP
for male speakers from Perth has reduced movement
through F1 suggesting a flatter trajectory.
Intriguingly, [18] also highlight the trajectory of F1
of TRAP in males as differentiating between
neighbourhoods in their study of Perth speakers.

6. DISCUSSION

7. CONCLUSION

Figures 1 and 2 show that the monophthong spaces
appear highly similar across the four cities and few
differences were revealed in our analysis of vowels in
this highly controlled phonetic context. Nevertheless,
the results of the DCT analysis confirm some of the
AusE regional vowel variation suggested in the
literature. Our results are consistent with previous
reports [7, 23, 26] that GOAT /əʉ/ in SA is
characterised by a phonetically retracted onset and a
steeply rising and fronting glide. This variant is also
produced by Perth speakers (a finding not previously
reported) and is present for both males and females.

We examined the vowels of AusE in a standard
phonetic context produced by speakers under 35 years
who had spent all of their schooling in one of the four
major Australian cities: Sydney, Melbourne,
Adelaide or Perth. The DCT approach has highlighted
some regional differentiation in the data and has
revealed differences not identified previously in
studies based on static targets. This analysis provides
a platform for more nuanced examination of
contextual effects (in both formal and informal
elicitation tasks) that may prove fruitful in further
characterising AusE regionally specific variation.

Figure 4: F1 trajectories in hertz over normalised time
for female speakers' THOUGHT /oː/.
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19 vowels, drawing from the lexical sets of [6], in
their own accent. Australian listeners also categorized
the vowels from each of the other four accents.
Recent work on cross-accent vowel perceptual has
shown that listeners of Australian English, when
categorizing vowels of other regional accents, show
surprising consistency in accuracy patterns [7]. To a
greater degree than expected based on sociophonetic
descriptions, Australian listener accuracy in
categorizing vowels across accents resembles the
pattern of accuracy on their own vowels. However,
that study provided no baseline on how vowels in
other accents are perceived by listeners of those
accents, e.g., how London listeners perceive London
vowels. In addition, it focused narrowly on the
“accuracy” of vowel categorization as opposed to the
broader pattern of perceptual confusion represented
in a complete confusion matrix. The focus on
accuracy is particularly concerning because accuracy
tended to be low (well above chance but nowhere near
ceiling) even for Australian vowels, the listeners’
native accent. The explanation for this pattern in [7]
is that the experiment restricted vowel judgments to
bottom-up cues, via the use of nonce words.
In this study, we took a more comprehensive
approach, using the concept of Entropy from
Information Theory to quantify cross-accent speech
perception based upon complete confusion matrices.
We also contextualised our analysis against new
baseline conditions in which listeners of each nonAustralian accent categorized their native vowels.

ABSTRACT
Analytical tools from Information Theory were used
to quantify behaviour in cross-accent vowel
perception by Australian, London, New Zealand,
Yorkshire and Newcastle UK listeners. Results show
that Australian listeners impose expected patterns of
perceptual similarity from their own accent
experience on unfamiliar accents, regardless of the
actual phonetic distance between accents.
Keywords: vowel perception; English accent
variation; perceptual assimilation; information theory
1. INTRODUCTION
There is broad consensus that models of speech
perception must capitalize on the benefits listeners
gain from phonetically detailed exemplars, i.e.,
episodic memory for speech via encoding continuous
phonetic dimensions, reflected in so-called “hybrid”
models of spoken word recognition [1-3]. However,
identifying the perceptually relevant phonetic
dimensions within a particular speech community
remains a challenge. Listeners may pay more
attention to some dimensions of speech than others,
or weight exemplars differently depending on the
social context in which they are heard [4]. These
factors complicate models of speech categorization
based on acoustic/articulatory similarities, as we need
to discover empirically the dimensions of relevance
to listeners in different speech communities. In this
study we present an approach to exploring
dimensions of perceptual similarity that makes use of
analytical tools from Information Theory [5].
Information Theory offers a general formal
framework for quantifying information transfer,
which, applied to our experiments, reveals patterns
that may elude more traditional analyses in terms of,
e.g., categorization accuracy.
The empirical domain of focus is variation in the
perceived similarity of vowels across regional accents
of English. In a set of nine experimental conditions,
listeners from five non-rhotic regional accents of
English (Australia [A], New Zealand [Z], London
[L], Yorkshire [Y], and Newcastle [N]) categorized

2. APPROACH
To visualize and compare confusion matrices across
conditions, we applied a method of hierarchical
cluster analysis. Confusion matrices were
progressively fused into binary clusters according to
an objective function: minimize variance of each
cluster, a common technique for clustering [8]. The
result is a hierarchical structure representing a series
of binary branches, which can be conceptualized as
decisions and quantified in bits. The correlation
coefficient, Baker’s Gamma as implemented in [9],
provides a measure of similarity between clustered
confusion matrices—a value of 1 indicates two
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confusion matrices are identical; a value of 0
indicates no similarity. This analysis provides a basis
for comparing across conditions holistically.
Alongside our hierarchical analysis of vowel
perception we also computed two quantities based on
(Shannon) Entropy. Entropy is a foundational
quantity from Information Theory. Generally,
Entropy characterizes the amount of uncertainty/
information in a random variable; in our case, the
variable is the vowel category. By giving a definite
value to a vowel, Entropy (uncertainty) is removed
and information is communicated.
The first of our Entropy-based measures is
Response Entropy, as in (1), where v is a vowel drawn
from an inventory of I vowels. The theoretical
maximum Entropy of a vowel system with 19 vowels
is 4.24 bits; this is the case when all vowels occur with
equal frequency (which is true of our experiments but
not true of naturalistic English corpora). Response
Entropy is the Entropy of vowel responses in the
vowel perception task. If listeners selected all vowel
options equally often, the response Entropy would be
4.24, the theoretical maximum, meaning just over 4
binary choices could distinguish all vowels. If, on the
other hand, listeners showed some systematic bias,
e.g., choosing one vowel category more often than
others, response Entropy would be lower.
(1)

from different groups of listeners responding to the
same vowel stimuli, if listener experience shapes
perception. Finally, the conditional Entropy of the
stimulus vowel given the response vowel or
“Information Loss” provides an index of perceptual
confusion. This is minimal when listeners reliably
choose the same response vowel for a given stimulus
vowel and maximized when listeners choose all
response vowels equally.
2. EXPERIMENTAL METHODS
The vowel categorization experiments include a total
of nine test conditions, which differed in the accent of
the stimulus vowels and the accent of the listeners.
We refer to the conditions with two letter codes, e.g.
“AZ”; the first letter denotes the accent of the listener
group and the second denotes the accent of the
stimulus items. Five conditions involved Australian
listeners: AA, AL, AZ, AY, AN. The other four
involved listeners from the other accents listening to
their own accent: LL, ZZ, YY, NN.
2.1. Listeners

A total of 139 listeners participated in the study: 1217 per condition across nine test conditions. Listeners
were recruited from local university communities in
Western Sydney (A), Christchurch (Z), SE London
(L), Newcastle (N), and Yorkshire (Y).

𝐻(𝑣) = ∑I𝑣=1 −𝑝(𝑣) log 2 𝑝(𝑣)

The second Entropy-based measure is the Conditional
Entropy of the stimulus vowel, 𝑣𝑠 , given the response
vowel, 𝑣𝑟 , defined in (2), which is sometimes referred
to as the “equivocation of the communication
channel” or as “information loss” [10]. Within the
context of our task, this quantity describes the
uncertainty of the listeners about the vowels they
hear. Higher values indicate that responses for a
particular vowel are more dispersed across the
response categories, i.e., listeners are uncertain about
which vowel to choose.
(2)

2.2 Stimuli

Listeners were presented with vowels embedded in
nonce words. For the target nonce words, 19 English
vowels (all monophthongs, diphthongs, and vowels
before orthographic <R>, e.g., NORTH) were inserted
into the frame /ˈzVbə/, which yields no real English
words. Twelve speakers each (6f, 6m) from western
Sydney, southeast/east/north London, Christchurch,
New Zealand, Sheffield/ Leeds, York, Yorkshire, and
Newcastle (UK) produced each nonce word six times.
Two females and two males of each accent were
chosen for the perceptual task stimuli, and two tokens
per nonce word per speaker were selected, judged as
representative of that accent by a phonetically trained
researcher familiar with the accent. Tokens were
extracted with 100 ms onset and offset buffers; a ramp
and damp were imposed on the initial and final 20 ms.
Tokens were normalized to 65 dB.
For each target vowel, a monosyllabic word was
chosen to serve as one of the keywords in print that
were presented onscreen in an array of response
options. Most were of the form /bVd/ or /pVd/, unless
that gave obscure, ambiguous, or no words (e.g.,
standard English has no such words for the FOOT

𝐻𝑣𝑟 (𝑣𝑠 ) = ∑𝐼𝑣𝑟 =1 ∑𝐼𝑣𝑠=1 −𝑝(𝑣𝑟 ) 𝑝𝑣𝑟 (𝑣𝑠 )log 2 𝑝𝑣𝑟 (𝑣𝑠 )

To summarize, we quantified behaviour in our
perception experiments with reference to Entropybased quantities and hierarchical cluster analysis of
confusion matrices. The response Entropy quantifies
the number of bits, i.e. binary choices, needed to
encode participant responses. The hierarchical cluster
analysis provides a representation of how binary
branches divide the vowels according to similarity.
Note that two confusion matrices can have the same
response Entropy but different hierarchical clusters,
corresponding to different patterns of perceptual
similarity; this is something we might expect to see
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vowel, so we used <hood>). Nodes in Figure 1 are
labelled with the response words.

redundancy from lexical, contextual, and other
factors facilitates accurate transmission of vowels. A
key mathematical proof from Information Theory is
that redundancy (in bits) equal to the Information
Loss ensures accurate message transmission in a
noisy channel [5]. Notably, the cline in Information
Loss across accents mirrors claims about perceptual
similarity between Australian vowels and those of the
other accents, which have been based on vowel
formant
measurements,
sociophonetic
characterizations of the accents, and cross-accent
vowel perception [7].
Figure 1 provides examples of tanglegrams
comparing hierarchical clustering of confusion
matrices. Since the Response Entropy is just over 4
bits, there are on average, just over four binary
branches per vowel. The tanglegrams compare AAZZ (top) and AA-AZ (bottom). In both cases, AA is
on the left. The ways in which AA differs from ZZ
are larger than the ways that AA differs from AZ.
These differences are apparent visually as longer lines
linking vowels in the top, e.g., for vowels in ‘bud’ and
‘bird’, than the bottom part of the figure. The
correlation between conditions is quantified using
Baker’s Gamma correlation coefficient.

2.3 Procedure

In all conditions, participants first heard a short story
of ~6 minutes told by speakers of their native accent.
Following the story, they then categorized nonce
word vowels, which were presented, depending on
condition, in either their own accent or in another of
the test accents.
On each test trial, participants heard a single nonce
token and saw the vowel keyword grid displayed on
a computer monitor. They clicked on the keyword
with the vowel that best matched the stressed vowel
in the nonce token, then rated how well the nonce
token represented the chosen vowel (1 [poor] to 7
[excellent]). Keyword order on the grid was
randomized across participants, but was kept constant
for a given participant. To familiarize them to the task
and grid, listeners completed 20 randomized training
trials with nonce tokens from the same speakers who
told the pre-test story, one per nonce word. They then
completed the categorization test of 160 trials (20
nonce words x 2 tokens x 4 speakers), presented in
random order via E-Prime (v. 2.0.8.22). For all
conditions, nonce word speakers were different from
the speakers used in the pre-test story.

Figure 1: (top) tanglegram comparing AA (left) and
ZZ (right); (bottom) tanglegram comparing
AA(left) and AZ (right)

3. RESULTS
Table 1 shows Response Entropy and Information
Loss for each accent in the conditions with Australian
listeners. The Response Entropy is similar across
accents and approximates the theoretical maximum,
indicating that listeners are fairly balanced in their use
of the response grid. Information Loss varied across
accents. At 37.3 bits, it is lowest for the listeners’ own
Australian accent and increases gradually as the
accent varies from London (38.0) to New Zealand
(39.9), Yorkshire (39.9) and Newcastle (42.7).
Table 1: Response Entropy and Information Loss
for each accent based on Australian listeners.

Accent condition
Australia (AA)
London (AL)
New Zealand (AZ)
Yorkshire (AY)
Newcastle (AN)

Response
Entropy
4.13
4.12
4.17
4.13
4.08

Information
loss
37.3
38.0
39.9
40.7
42.7

The high Information Loss (~40 bits) relative to
Response Entropy (~4 bits) indicates noisy
transmission of vowels from speakers to listeners in
the context of this task. In natural listener conditions,
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accents, Australian listeners exhibited similar
Response Entropy, which approximated the
theoretical maximum. This indicates a largely
unbiased selection of the 19 choice words offered as
response categories. The measure of Information
Loss converged with conclusions about accent
similarity (of vowels) based on patterns of
categorization accuracy—past work showed that
Australian listeners were most accurate categorizing
their own vowels, followed by London, New Zealand,
Yorkshire, and Newcastle [7]. Information Loss takes
into account the entire set of responses, not just
accuracy, but converges on the same characterization
of accent similarity. In this case, less certainty (more
response variation) goes hand in hand with lower
accuracy.
Response Entropy shows that the different vowel
categories can be encoded with just over four bits (or
binary choices). Empirical clustering of responses in
the confusion matrices revealed how the bits are
distributed in each condition. In large part, listeners
from the different accents imposed similar structure;
more precisely, to roughly the same degree across
accents, the perceptual structure that Australian
listeners impose on Australian vowels was similar to
the structure that other listeners impose on their
native accent.
A second finding was that Australian listeners
tended to confuse vowels in similar ways across
accents, even as the phonetic realization of those
vowels and, by corollary, phonetic similarity to other
vowels, varied. This was indicated by higher
correlations between, e.g. AA-AX, where X stands
for any of the other accents, than for AA-XX. In other
words, the errors that Australian listeners make
categorizing vowels in unfamiliar accents was similar
to the errors that they make on their own accent but
different from the errors that native listeners of X
make on their own accent) This was true for all
accents, even as Information Loss varied.
Taken together, the analyses presented here allow
us to contextualize cross-accent perceptual results
reported in past work [7, 11-14]. The progressive
decrease in vowel categorization accuracy by
Australian listeners from Australian to London to
New Zealand, Yorkshire and Newcastle accents is
related to progressive increases in uncertainty (Table
1). This follows in part from listeners’ persistence in
imposing expected patterns of perceptual similarity
even in the face of stimulus variability. The tools of
Information Theory provide succinct quantification
of this pattern. More broadly, tacit recognition of
these conditions, in particular increased Information
Loss, driven by, e.g., the lexical level [15-17] may be
preconditions for perceptual learning—an issue we
plan to pursue in future work.

Table 2 reports Baker’s Gamma for comparisons
across test conditions. We focus on two types of
comparison:
1. Accent differences: AA is compared with
LL/ZZ/YY/NN to probe accent differences in
perceptual structure relative to Australian.
2. Listener effects: AA is compared with
AL/AZ/AY/AN, holding listener group (A)
constant while varying the accent of the vowels;
relative to the accent baseline, these comparisons
reveal the contribution of listener experience to
perceptual structure.
We first report Baker’s Gamma for the accent
baseline comparison (1). The perceptual structure that
Australians impose on their own vowels was most
similar to the structure that Yorkshire listeners
(0.436) imposed on their own native-accent
Yorkshire vowels, followed by New Zealand (0.420),
Newcastle (0.385), and then London (0.270). This
pattern is somewhat surprising because it does not
match with measures of accent similarity, as reported
in past work, or with the pattern of information lost
(Table 2). To assess reliability across subjects, we
sampled 8 subjects per condition and re-ran the
analysis 10,000 times with different samples. The
average Baker’s Gamma with standard deviation
across runs in italics is reported in the second row of
Table 2. This analysis presents a different picture. On
average, the perceptual structure of listeners is fairly
consistent across accents: AA-LL (0.35), AA-ZZ
(0.35), AA-YY (0.34), AA-NN (0.39).
Table 2: Baker’s Gamma assessing the correlation
between hierarchal clustering across conditions.
AA
(total)
AA
(samp)

LL
0.27

AL
0.63

ZZ
0.42

AZ
0.60

YY
0.44

AY
0.44

NN
0.39

AN
0.44

0.35
0.22

0.45
0.20

0.35
0.19

0.44
0.19

0.34
0.12

0.47
0.16

0.38
0.17

0.45
0.15

Comparison testing for listener effects (2) show
that Australian listeners tend to impose their native
accent perceptual structure on non-native accent
vowels; across our entire sample (first row Table 2),
the degree of this effect appears to vary across
accents. However, the averages from resampling
reveal pretty consistent effects: AA-AL 0.45; AA-AZ
0.44; AA-AY 0.47; AA-AN 0.45.
Australian
listeners’ pattern of responses for non-native accents
tended to resemble the pattern for their own vowels
(AA) regardless of the accent.
4. DISCUSSION
We applied analytical tools from Information Theory
to quantify cross-accent speech perception. Across
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variables, e.g., about the speakers themselves, is a
technical challenge, and it is a matter of debate how
best to represent formant trajectories. Ultimately, a
balance needs to be struck between preserving
acoustic detail without sacrificing the utility of
explanatory variables that may give rise to variation.
“Ad-hoc” representations of formant trajectories,
e.g., generalised additive models [11], involve fitting
curves to the sampled formant frequencies over time.
They have the advantage of not forcing a
parameterisation on trajectory shapes. Unfortunately,
they offer limited scope – for the time being, at least
– for modelling trajectories along with multiple and
often related and/or interacting explanatory variables.
Furthermore, the “ad-hoc” parameters of formant
trajectories do not generalise across different datasets.
“Predefined”
representations
of
formant
trajectories, on the other hand, involve fitting curves
with known parameters. In its simplest form, a
formant sampled at vowel onset and offset represents
a linear trajectory [7]. Despite the apparent crudeness,
it is remarkably effective for classifying vowels
according to phonemic categories, and such basic
time-varying spectral information is perceptually
very relevant, especially for English [2, 13, 14]. More
intricate “predefined” representations involve a
greater number of samples. A popular method is the
discrete cosine transform (DCT) whose curve
parameterisation is based on a trajectory’s mean plus
½ cosine multiples, each with amplitudes
representing deviations from this mean [6]. A formant
trajectory is represented by a set of DCT coefficients
(DCTCs): the 0th is the mean across samples, the 1st is
a ½ cosine (the slope’s magnitude and direction) and
the 2nd is a full cosine (overall curvature). Further
DCTCs represent more complex shapes.
Importantly, DCT representations can be readily
used in a plethora of linear modelling procedures
which permit complex factorial and/or multivariate
designs, overcoming some shortcomings of “ad-hoc”
approaches. Effectively representing formant
trajectories along these dimensions has been
demonstrated for variation between phonemic vowel
categories and also for explaining variation relating to
speakers’ regional background and gender [3, 12].
The present study investigates the extent to which
four potential sources of variation in English

ABSTRACT
The present study investigated the extent to which
variation along formant trajectory dimensions –
considered both separately and simultaneously –
manifests in the English diphthongs CHOICE, FACE,
MOUTH, GOAT and PRICE. The sources of variation
were phonemic category, flanking consonants,
speaker’s gender and speaker’s regional background.
Formant trajectory dimensions were overall and timevarying first (F1) and second (F2) formant trajectories
as parameterised by their means and time-varying
slopes and curvature using the discrete cosine
transform. Phonemic category was robustly predicted
by variation in the combination of F1 and F2 means
and slopes, whereas flanking consonants were not.
Gender was strongly predicted by variation in F1 and
F2 means, but not in F1 and F2 time-varying aspects.
Regional background emerged in the variation of both
F1 and F2 means, slopes and curvature to roughly
similar
extents.
Given
the
acoustic
multidimensionality of vowels, variation is most
appropriately viewed with a multivariate approach.
Keywords: English dialects, vowel acoustics,
spectral change, gender
1. INTRODUCTION
Vowel segments, like many phonetic phenomena, are
acoustically multidimensional. That is, an individual
vowel token may differ from others along several
acoustic dimensions simultaneously, e.g., duration,
fundamental frequency as well as aspects of first (F1)
and second (F2) formant trajectories. Although one
dimension may be more informative than another in
speech perception [4], several dimensions are
nonetheless used by listeners at the same time. Thus,
should acoustic dimensions be examined
independently when their values represent a single
phonetic unit, such as a vowel token? This question is
pertinent for variation, as differences on one
dimension may be related to those on another [9].
Characterising time-varying formant trajectories
relies on sampling frequencies at discrete points
throughout the course of a vowel. Using this
information in conjunction with explanatory
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Figure 1: Mean F1 and F2 trajectories in central 60% portions.

diphthongs manifest along several dimensions,
namely log-duration, overall (i.e., 0th DCTCs) and
time-varying F1 and F2 frequencies (i.e., 1st DCTCs
and 2nd DCTCs). The sources of variation are (1)
phonemic category, (2) flanking consonants, (3)
speaker’s gender and (4) speaker’s regional
background. First, we examine how variation along
these formant trajectory dimensions – when
considered separately and simultaneously – can be
attributed to the four potential sources. Second, we
show why it is advisable to consider variation along
all acoustic dimensions of interest at the same time.

the syllables /sVs/, /fVf/, /ɡVk/, /dVt/ and /bVp/
where /V/ is one of the five English closing
diphthongs CHOICE, FACE, GOAT, MOUTH and PRICE
(according to Wells’ [10] Lexical Sets). N.Eng and
S.Eng speakers produced each syllable in a sentence
twice, while Aus speakers produced each syllable
once in isolation and once in the same sentence frame
used by N.Eng and S.Eng speakers. This yielded two
repetitions of each unique syllable per speaker. Using
the default settings for male and female speakers in
Praat [1], F1 and F2 frequencies were sampled from
19 equally spaced intervals in the central 60% of each
vowel token in order to remove obvious transitions
with flanking consonants. F1 and F2 Hz values were
converted to ERB and transformed using the DCT.

2. METHOD
The diphthong tokens came from corpora reported in
[3] and [12]. 55 speakers aged between 18 and 30 at
the time of recording participated and they had
different regional backgrounds: 19 (10 female) were
from Northern England (N.Eng), 17 (10 female) were
from Southern England (S.Eng) and 19 (12 female)
were from Australia (Aus). Each speaker produced

3. RESULTS
Plots of F1 and F2 trajectory means (across the 55
speakers’ pools of tokens) are displayed in Figure 1.
All analyses were carried out in R [8] using the
MCMCglmm [5] package which fits generalized
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For regional background, classifications were
reasonably above chance with 0th, 1st or 2nd DCTCs
separately. There was not much improvement with
both overall and time-varying trajectory dimensions
together. Overall, these results indicate a fair amount
of overlap in variation across the three varieties.
Nevertheless, Aus tokens were much more accurately
identified than the other two varieties, suggesting
formant trajectory variation in Aus tokens is more
distinct from that found in N.Eng and S.Eng tokens.
In summary, all sources of variation, except for
flanking consonants, can be predicted above chance
levels based on overall (0th DCTCs) or time-varying
(1st and 2nd DCTCs) F1 and F2 trajectory dimensions.
Importantly, using these two formant dimensions is
useful only for predicting phonemic category and is
negligible for flanking consonants, gender or regional
background. This is likely because the acoustic
manifestations of these sources of variation co-vary,
e.g., with phonemic category (cf., Figure 1).

linear mixed-effects models employing Markov chain
Monte Carlo (MCMC) sampling for Bayesian
statistics. For every model, weak priors were set for
the fixed-effects residuals and degree of belief
parameter was set to the lowest bound for fixed and
random effects. Single Markov chains sampled from
the posterior distribution for each model; the initial
10,000 iterations were discarded and a further
100,000 iterations were run and then thinned, leaving
1,000 samples per model.
3.1. Formant trajectory variation as a predictor

Mixed-effects multinomial logistic regressions were
run with each potential source of variation as the
categorical dependent variable. For each source, we
ran five models with different combinations of
standardized F1 and F2 DCTCs as predictors;
standardized log-duration was included as a control
variable in all models because we were interested in
variation specifically along acoustic dimensions
relating to F1 and F2. To account for token
imbalances (e.g., 58% of tokens were produced by
female speakers), which might affect the likelihood
of a member of a particular category occurring,
random intercepts were added for item which covered
all categorical variables other than the dependent
variable and whether syllables were said in isolation
or in a sentence. To assess how well the four sources
of variation can be predicted by different formant
trajectory dimensions (as represented by DCTCs)
separately as well as simultaneously, we report
predicted probabilities of correct classifications
averaged across tokens in Table 1. Probabilities of
incorrect classifications (confusions) are not reported.
For phonemic category, both 0th and 1st DCTCs
were good predictors, whereas 2nd DCTC performed
worse. Most striking is that 0th and 1st DCTCs
together resulted in accurate separation, which is
remarkable given that there are different syllables
produced by 55 speakers of different regional
backgrounds and genders. Adding 2nd DCTCs to the
combination did not improve classification.
Predictions of flanking consonants were poor
overall, indicating that this source of variation does
not manifest consistently in F1 and F2 trajectories
within the central 60% portion of diphthong tokens.
For gender, classification is substantially above
chance with only 0th DCTCs, but around chance with
1st or 2nd DCTCs, and classification does not improve
when these latter measures are combined with 0th
DCTCs. Interestingly, females’ diphthongs were
classified more accurately, suggesting less betweenspeaker variation in females’ use of time-varying
formant dimensions compared to those of males.

Table 1: Probabilities of correct classifications by
phonemic category (chance = 0.20), flanking
consonants (chance = 0.20), gender (chance = 0.50)
and regional background (chance = 0.33) according
to different combinations of DCTCs as predictors.

Phonemic
category

0th

1st

2nd

CHOICE
FACE
GOAT
MOUTH
PRICE

0.59
0.89
0.47
0.52
0.47
0.59
0th

0.86
0.50
0.45
0.80
0.63
0.65
1st

0.23
0.32
0.31
0.39
0.37
0.32
2nd

0.21
0.24
0.21
0.23
0.18
0.22
0th

0.22
0.24
0.23
0.24
0.20
0.23
1st

0.21
0.24
0.23
0.26
0.20
0.23
2nd

0.90
0.86
0.88
0th

0.62
0.45
0.55
1st

0.62
0.45
0.55
2nd

0.42
0.46
0.72
0.54

0.50
0.43
0.68
0.54

0.41
0.38
0.62
0.48

Mean
Flanking
consonants
/sVs/
/fVf/
/ɡVk/
/dVt/
/bVp/
Mean
Gender
Female
Male
Mean
Regional
background
N.Eng
S.Eng
Aus
Mean
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0th,
1st
0.95
0.90
0.80
0.92
0.88
0.89
0th,
1st
0.22
0.26
0.24
0.25
0.21
0.24
0th,
1st
0.90
0.86
0.89
0th,
1st
0.50
0.53
0.77
0.61

0th, 1st,
2nd
0.95
0.90
0.81
0.93
0.89
0.89
0th, 1st,
2nd
0.23
0.24
0.37
0.20
0.19
0.25
0th, 1st,
2nd
0.91
0.87
0.89
0th, 1st,
2nd
0.50
0.52
0.77
0.61

DCTCs, i.e., longer durations are correlated with
lower F1 means. Additionally, tokens with higher F1
1st DCTCs exhibit lower F1 0th DCTCs, indicating
that greater falling F1 trajectories are associated with
lower F1 trajectory means.

3.2 Predicting formant trajectory variation
The previous section showed that variation
simultaneously in the F1 and F2 0th and 1st DCTCs
performed best overall at predicting membership of
phonemic category, regional background or gender
because also including variation from F1 and F2 2nd
DCTCs did not improve performance. Thus, it seems
reasonable to define formant trajectories along these
most informative dimensions at the same time.
Typically, variation is studied in the reverse way,
namely, explanatory variables are used to predict
acoustic variation – often separately for more than
one dependent variable, even though these all
describe the same tokens. We illustrate that failing to
account for acoustic multidimensionality may limit
explanations of acoustic variation. We model
variation in the five diphthongs using a multivariate
mixed-effects linear regression. Phonemic category,
regional background and gender served as interacting
predictors and log-duration, F1 and F2 0th and 1st
DCTCs were the dependent variables. Also entered
were by-speaker random intercepts and slopes for
phonemic category, flanking consonants and whether
syllables were said in isolation or a sentence.
Crucially, a covariance matrix was estimated for the
dependent variables at the level of tokens.

4. DISCUSSION AND CONCLUSION
The present study sought to explain four potential
sources of variation – phonemic category, flanking
consonants, gender and regional background – in the
F1 and F2 trajectories of the five English diphthongs
CHOICE, FACE, GOAT, MOUTH and PRICE. The acoustic
multidimensionality of vowels was also focused on.
The main findings are that F1 and F2 trajectory
variation contributes most strongly to phonemic
category. Importantly, it is the simultaneous variation
in overall and time-varying trajectory dimensions
which leads to the most successful predictions of
phonemic category. On the other hand, gender
manifested strongly in variation of formant means,
reflecting expected differences in vocal tract sizes,
but made little contribution to variation in the timevarying dimensions of formant trajectories. Regional
background was predicted with moderate accuracy
and was apparent to roughly equal extents in overall
and time-varying aspects of trajectories, though both
formant dimensions together did not result in large
improvements. Flanking consonants were poorly
predicted, suggesting that their acoustic influence
cannot be captured well in the central 60% portion.
It has been shown that using DCTCs clearly
extends to capturing formant trajectory variation
other than phonemic category. In line with [9],
variation in 2nd DCTCs – corresponding to a formant
trajectory’s curvature – predicted phonemic category
poorly and did not improve classification
performance in combination with other dimensions of
formant trajectory shapes. However, 2nd DCTCs did
perform just as well (or poorly) as 1st DCTCs –
corresponding to a formant trajectory’s slope – for
predicting other potential sources of variation.
Nevertheless, 1st and 2nd DCTCs together did not
result in improvements, suggesting two time-varying
dimensions at the same time are perhaps redundant.
Finally, the amenability of DCTCs in established
linear modelling techniques is noteworthy. Variation
in different formants, including aspects of their timevarying trajectories, along with variation in vowel
duration, can only be examined simultaneously in
multivariate analytical approaches. In this way, the
manifestation of different explanatory variables can
be more accurately modelled on relevant acoustic
dimensions, thereby better revealing the rich
structures underlying phonetic variation.

Table 2: Covariance matrix of dependent variables
at the level of tokens (expressed as correlations of
posterior medians) from a mixed-effects
multivariate regression model.
Significant
correlations – those with 95% credible intervals (in
brackets) not crossing zero – are displayed in bold.

F1
th

F1

1st
0th

F2

0
–0.17

F2
st

1

th

0

1st

(–0.20,
–0.13)

–0.09

0.01

(–0.12,
–0.04)

(–0.02,
0.05)

1st

0.00

–0.02

–0.05

(–0.04,
0.03)

(–0.05,
0.02)

(–0.09,
–0.02)

Logduration

–0.19

0.27

–0.06

–0.14

(–0.23,
–0.15)

(0.22,
0.31)

(–0.11,
–0.01)

(–0.18,
–0.09)

Table 2 presents the covariance matrix from this
model. It is clear there are some modest correlations,
suggesting that some variation is indeed shared across
dimensions at the level of tokens. Most striking is that
higher log-duration values are significantly correlated
with higher F1 1st DCTC values, suggesting that
tokens with longer durations also display greater
falling F1 trajectory change. A further example is that
tokens with longer log-durations show lower F1 0th
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THE ANTICLOCKWISE CHECKED VOWEL CHAIN SHIFT IN MODERN
RP IN THE TWENTIETH CENTURY: INCREMENTATIONS AND
DIAGONAL SHIFTS
Anne H. Fabricius
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20th century for KIT, FOOT, DRESS, TRAP, STRUT, LOT,
and FOOT in modern RP, an elite sociolect of the
British Isles. The paper presents a set of linear mixedeffects regression models, using formant data from
108 speakers with birthdates spanning from 1883 to
1990. This is a combination of previously published
formant sets and automatically extracted forcedaligned data. All speakers were attendees of
independent and public schools during adolescence.
This social criterion, independent of phonological or
phonetic criteria, is important for establishing a
consistent sample [11].
In section 6, we speculate that this anti-clockwise
chain shift may have been instigated by a change in
the peripherality of TRAP which took place in RP
early in the 20th century, where the previously
identified lowering and backing of that vowel [42]
now fits into a more systematic chain shift. Changing
peripherality in the lower vowel space is already
familiar from sociolinguistic studies of N. Am.
English [24].

ABSTRACT
This paper presents evidence for a chain shift in the
checked vowel sub-system of modern RP over one
hundred years, based on LMER analysis of over
10000 vowels from 108 speakers with birthdates from
1883 to 1990. The data confirms previously identified
gender-differentiated change in F1 and F2 of TRAP, as
well as date-of-birth driven incremental change in F1
of KIT, F1 of STRUT, F2 of FOOT, and, for DRESS, an
(F2-(2xF1)) diagonal shift by date of birth that
follows TRAP’s path. We also present evidence for an
active female-driven change in the LOT vowel, an
(F2-(2xF1)) diagonal shift towards the close central
area of the vowel space. The paper demonstrates
differing statistical patterns in these shifts over time,
and suggests a possible origin in changes to TRAP
early in the 20th century. All data and additional
figures for this study are available via OSF.io. on
application to the author.
Keywords: modern RP, incrementation,
peripherality, checked vowels, chain shift.

2. PREVIOUS RESEARCH
1. INTRODUCTION
Daniel Jones in succeeding editions of his descriptive
works [21] speculated on vowel change in modern
RP. Wells [41] includes remarks on younger and
older, or more conservative forms of RP TRAP and
other vowels. [3, 19] were early acoustic studies
investigating variation and change across RP vowel
systems; see also [16, 17, 9, 10, 43].
[9, 10] identified diachronic changes in the
configuration of TRAP-STRUT and LOT-FOOT in
modern RP, although the data did not enable
conclusive determination of the independent
movements that contributed to the TRAP-STRUT
rotation, or the pattern of FOOT and LOT, whether by
FOOT-fronting alone or in combination with LOTraising. Changes in KIT and DRESS in modern RP have
not been reported previously, although [37] reports
changes in (non-RP) Kent data (fronting of KIT,
diagonal lowering of DRESS).
[17] reports on apparent and incipient changes
(‘break groups’) in DRESS, FOOT, and TRAP, and
tentatively STRUT, although, as they admit, the
evidence is less clear in their male-only corpus. [43]
finds evidence of LOT raising in comparisons between

Internal and external motivations’ role in linguistic
change remains a much-debated topic in historical
linguistics [30, 24, 25, 27]. It is common to find
speech patterns indicative of systematic vowel chain
shifts in diachronic and apparent time studies in many
varieties of English, notably those on the North
American continent [28, 26, 5, 7, 14].
While the Great Vowel Shift took place on
English soil, and there are many reports of individual
vowel shifts in the UK in recent times [e.g.16, 9, 3,
39, 15], reports of present-day ongoing systematic
chain shifts are rarer. One example is [37]’s findings
of an anti-clockwise chain shift of the checked vowels
in speakers born and bred in Ashford, Kent. The
authors claim these vowel changes have diffused
from London, along with population movements after
WWII. The Ashford chain shift’s endpoints were
mirrored in results from Reading, Berks. (west of
London), albeit by different historical paths.
The present paper provides new collective
evidence of a similar, but not identical, coordinated
anticlockwise short vowel shift over the course of the
592

[17]’s speakers born in or before 1951, and younger
speakers born since 1976. [43] thus claims that LOT,
alongside shifts in TRAP and FOOT “can be seen as
taking part in a systematic anticlockwise shift of RP
vowels” (2013:45).

recorded to .wav using Audacity, sampled at
44 kHz. Recordings were analysed semiautomatically (April-May 2018) using
FAVE-Extract [35] and MFA [32] via the
DARLA web interface [33] and the Vowels
R package [22]. Output was manually
transformed to [41] keywords.
In all, the corpus encompasses 24690 vowel
tokens from as wide a range of the vowel space as was
possible in each case; in some published sources only
a subset of all possible vowel categories was
available.

3. THE DATA CORPUS
The present corpus comprises previously published
and newly collected F1 and F2 measurement data
from 108 individual speakers of modern RP, 52
females and 56 males, born between 1883 and 1990.
Recordings come from interviews, reading passages,
public speeches and laboratory data (citation forms
/hVd/ syllables). This represents a range of speech
settings, but even the most ‘informal’ data consists of
one-on-one interviews with relative strangers, and is
more representative of careful rather than truly casual
speech between intimates. These data provide a
historical time span that can reveal large overall
statistical trends. We treat the data here as sufficiently
comparable: the affordances as well as the limitations
of an approach on this scale must be borne in mind in
looking at the results. Details of the data are as
follows:
1. BBC Broadcast speech; 2 male speakers
(born 1909 and 1927) from [34], see also [4];
2. Citation forms; 1 dataset, averages from 25
male speakers born before 1945 [40];
3. Citation forms; 20 male speakers, four age
groups (1930s to 1980s) [17]
4. BBC Broadcast speech; HM Queen Elizabeth
II’s Christmas broadcasts over 3 decades,
counted here as three speakers [16]
5. Citation forms; 16 female speakers, two age
groups (1930s and 1980s)i
6. Reading passage data (approx. 5-6 minutes
per speaker) from 24 male, 24 female
speakers (1960s to 1990).This data comes
from sociolinguistic interviews recorded in
Cambridge University’s sound-treated room
in the Phonetics Laboratory in 1997, 1998
and 2008. Recordings were force-aligned
using FAVE with a modified BEEP
dictionary.ii Formants were extracted using
online FAVE-extract [35] with the
Mahalanobis distance method (May/June
2015). Output was manually transformed to
[41] keywords.
7.
Interviews (n=16) and speeches
(n=2) from online recordings: 9 male and 9
female speakers, located through alumni lists
from independent schools in the UK. Born
between 1883 and 1960. Good sound quality
segments of 6-10 minutes were extracted
from publicly available recordings and

4. METHODS OF DATA ANALYSIS
4.1. Forced alignment and formant extraction

Forced aligned and automatic vowel formant
extraction are becoming more widely used in
sociolinguistic studies of phonetic data, a movement
which brings sociolinguistics and the natural sciences
in closer alignment with the adoption of ‘hands-off’
methods of data-gathering. The pros and cons of
forced aligned data can be expressed as a balancing
act between scale and precision [13], since while
forced alignment algorithms are efficient, they are not
perfect. The present study approaches this issue from
a pragmatic perspective, that the combination of
forced aligned data and hand-extracted data across the
time span provides a corpus-internal quality check,
and while some tokens may be ‘off’ because of
alignment errors, against a background of over 10 000
tokens, such errors are not of crucial importance. In
addition, internal consistency is promoted by use of
the Mahalanobis-distance metric in the extraction
algorithm [8].
The analysis of the checked vowel subsystem is
based on 10375 checked vowel tokens within the
larger set of 24690 tokens. Table 1 shows the Ns of
the six vowel categories.
Keyword
KIT
DRESS
TRAP
STRUT
LOT
FOOT
TOTAL

N
2861
2520
1722
1845
974
453
10375

No. of speakers Word types
108
344
108
375
108
238
108
165
108
171
106*
46

Table 1: Data set for the present study. 56 male and
52 female speakers. * = One male (b. 1910) and one
female (b. 1986) speaker lacked FOOT tokens.
4.2. Normalisation

The complete corpus of 24690 vowel tokens was used
to normalise the data in a speaker-intrinsic, vowelextrinsic and formant-intrinsic manner [38], using the
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ANOVA Comparison to (simpler model*)
df
AIC
KIT F1 (random effects only)
5
2915.4
DRESS diagonal (random effects only)
5
7768.4
6
TRAP diagonal (dob, random effects)
6638.8
STRUT F1 (random effects only)
5
3920.5
LOT diagonal (gender + dob, random effects) 7
2673.2
5
FOOT F2 (random effects only)
420.36
* all models with speaker and word as random effects

Lobanov z-score normalisation algorithm [31] in the
NORM suite [36]. This algorithm currently has best
practice status in sociolinguistic variationist research
[1, 12, 6], and represents a logical choice given the
increasing use of automatic formant extraction.

BIC
2945.2
7797.6
6671.5
3948.1
2707.3
440.94

LogLik Deviance
-1452.7
2905.4
-3879.2
7758.4
-3313.4
6626.8
-1955.3
3910.5
-1329.6
2659.2
-205.18
410.36

Chi sq
12.884
63.824
4.5722
41.367
5.1856
14.755

df
1
1
1
1
1
1

p
0.000331 ***
1.36E-15 ***
0.03249 *
1.26E-10 ***
0.02278 *
0.000122 ***

Table 3: Details of LMER modelling
4.3. Linear mixed effects regression using R
Figure 1: The Anticlockwise Checked Vowel Shift.
Black arrows=date of birth (DOB); greyscale
arrows =gender +/* DOB. Vertical = F1 only;
horizontal = F2 only; diagonal = F2-(2xF1).

Input data sets of vowel formants (F1, F2) were
classified according the factors speaker, date of birth
(DOB), sex and word. Speaker and word were
included in all models as random effects [20]. Lmer
modelling was performed in the R studio environment
using the packages lme4 [2] and lmerTest [23]; the
latter with ANOVAs and Satterthwaite’s t-tests. Each
vowel category’s two formants were processed in
individual runs. Combinations of gender and date of
birth were tested as fixed effects and as possible
interactions. Optimum models of the data were
determined using ANOVA comparisons. All
significant models fulfilled the assumption of
homoscedasticity, checked by visual inspection of
residual plots, Q-Q plots and histograms of residuals
[44].
Following identification of significant effects for
F1 and F2 changes for the vowels DRESS, TRAP and
LOT, we employed a metric reported in [29]: (F2(2xF1)) to generate a diagonal measure. For these
three vowels, the diagonal measure was then
subjected to the same modelling as the independent
formants. As the diagonal models proved significant,
the results below report findings on DRESS, TRAP and
LOT for the diagonal (F2-(2xF1)).

5.2. DRESS TRAP LOT diagonal (F2-(2xF1)) shifts

Figures 2, 3 and 4 show diagonal shifts in DRESS,
TRAP and LOT as scatterplots by date of birth, and
gender where relevant, with linear regression lines
added using Excel. Similar plots for KIT, STRUT, FOOT
are available via osf.io by application to the author.
Figure 2: Diagonal shift, DRESS by date of birth

5. RESULTS
5.1. Statistical evidence for the chain shift

Table 2 summarises the statistical details of fixed
effects from the regression models described in
section 4. Table 3 provides details of ANOVA
comparisons to determine an optimal model. Finally,
Figure 1 presents a diagram of the significant shifts
within the vowel space.
Vowel parameter
KIT F1 increase
DRESS diagonal decrease

Fixed effects
Estimate
2.40E-03
dob
-0.017994
dob
0.288157
gender M
-0.015958
TRAP diagonal decrease
dob
-0.00717
STRUT F1 decrease
dob
genderM
16.312569
dob
0.022323
LOT diagonal increase
genderM:dob
-0.008378
FOOT F2 increase
dob
0.005947
* all models with speaker and word as random effects

Std Error
6.44E-04
0.001982
0.132687
0.003317
0.001054
7.051025
0.003001
0.003592
0.001486

df
1.48E+02
129.8451
56.75188
147.3295
127.8672
85.35584
113.1619
85.24701
173.6811

Figure 3: Diagonal shift, TRAP by gender + date of
birth

t
3.727
-9.077
2.172
-4.811
-6.802
2.314
7.439
-2.333
4.001

Table 2: Details of LMER modelling of significant
shifts.
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in the diagonal, conditioned by gender in interaction
with date of birth. As Figure 4 shows, female speakers
show a strong upwards trajectory, while the linear
regression line for male speakers is more or less flat.
[43]’s data lacks multiple generations of female
speakers, which may explain why this effect is not
found in that study. The result suggests a third
possible sociolinguistic status: an active, genderdriven sociolinguistic change-in-progress of LOT
fronting and raising.

Figure 4: Diagonal shift, LOT by gender * date of
birth

6.4. From peripheral to non-peripheral TRAP

It is interesting to speculate on system-internal
motivations for this chain shift over 100 years. We
put forward the hypothesis here that this change could
have been provoked by the shift of TRAP from the
peripheral to the non-peripheral system of the vowel
space in modern RP. More work on this is needed.

6. DISCUSSION
We can see three different types of historical
sociolinguistic change here, matching three different
significance patterns in the regression models.

7. CONCLUDING REMARKS

6.1. Incrementation (KIT, DRESS, STRUT, FOOT)

As [29] demonstrates, a time frame of a century
allows a better view of these types of long-term
changes, in a span of more than three or so living
generations. With recent advancements in recording
and analysis techniques and the increased availability
of heritage recordings, it is now possible to cover
longer time-spans with concrete data [18].

The first type of result, encompassing four of the
vowels in the sub-system, we call incrementation,
referring to the gradual increase in KIT F1, FOOT F2,
and the gradual decrease in STRUT F1 and the DRESS
F2-(2xF1) diagonal. This accords with [26]’s
description of the process by which “successive
cohorts and generations of children advance the
change beyond the level of their caretakers and role
models, and in the same direction over many
generations” (2007: 346, emphasis added).
Incrementation is seen most clearly in changes
modelled by date of birth only, whether on a single
formant parameter (F1 of KIT and STRUT, F2 of FOOT)
or on a diagonal (F2-(2xF1) for DRESS).
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ABSTRACT

tions: the nucleus and the offglide (e.g. [5, 2, 12]).
This approach is able to capture vertical changes in
the production of diphthongs, and also changes in
the degree of diphthongisation by considering the
acoustic distance between the two targets [10, 13].
However, such work has not traditionally been concerned with potential horizontal changes.
There is increasing evidence that diphthongs are
more than simply a sum of their parts. Peeters
& Barry [14] found that Dutch, English and German listeners prefer different timing relations among
the nucleus, transition and offglide in /aI/ and
/aU/-type diphthongs. Watson & Harrington [16]
presented evidence that dynamic information can
significantly improve the discriminability of diphthongs, and reported substantial timing differences
in the location of the target between tense and lax
vowels. Fox & Jacewicz [6] found variation in
formant dynamics across three American dialects,
including timing differences in the realisation of
PRICE . Finally, Cardoso [4] identified patterns of
synchronic phonological variation and diachronic
change in the location of the ‘inflection point’ in
PRICE and MOUTH in Liverpool English.
While our understanding of the temporal dynamics of diphthongs has improved considerably
over the last three decades, there is still little work
analysing large data sets in terms of changes in diphthongal trajectory and – with the exception of [4] –
none that looks at horizontal change over time. In
this paper, we attempt to fill this gap by modelling
the full trajectories of PRICE and MOUTH, and investigating changes in these trajectories over the history
of New Zealand English. Both vowels have been affected by a process of ‘diphthong shift’ (cf. [17]).
The nucleus of MOUTH has fronted, the nucleus of
PRICE has backed, and the offglides for both have
lowered [8, 15]. While the process of diphthong
shift has traditionally been described as above, with
reference to vertical changes in vowel quality, we are
interested in the degree to which horizontal changes
could also be observed. In this paper, we focus on
PRICE and MOUTH in contexts where they are not
followed by a voiceless consonant.
All data and code for this paper are avail-

The diphthongs PRICE and MOUTH in New Zealand
English have been characterised as showing ‘diphthong shift’ and ‘glide weakening’. Like most analyses of diphthongs, previous studies have focussed
on changes in the qualities of two temporally fixed
targets: the nucleus and the offglide. We model
changes in the full formant trajectories of PRICE and
MOUTH over a period of 130 years. We first present
results from Generalised Additive Models that reveal substantial ‘horizontal’ restructurings in the
timing of the trajectories alongside expected ‘vertical’ shifts in nucleus and off-glide targets. We then
use computational methods to capture these horizontal changes by identifying points of inflection in F1
and F2 trajectories. The timing of these inflection
points moves significantly later for both vowels. We
argue that changes in trajectory timing are a significantly overlooked aspect of changing diphthong production.
Keywords: Diphthong contours, New Zealand English, Sound change, Generalised Additive Models
1. INTRODUCTION
In principle, diphthongs may show variation in the
targets for their component units, the timing of these
targets, the shape and length of the transition between them, and possibly other dynamic features
as well. In this paper, we are concerned with two
specific aspects of this variation in the realm of
acoustics: ‘vertical’ variation involving shifts in formant values at different target positions; and ‘horizontal’ variation relating to the timing of these targets (the analogy of vertical vs. horizontal variation comes from spectrographic displays of diphthongs with time on the horizontal axis and frequency on the vertical axis). We focus specifically
on diachronic changes in the diphthongs PRICE and
MOUTH in New Zealand English.
Traditional approaches to the study of diphthongal sound change do not capture information regarding temporal structure. The standard method is to
study changing formant values at two target posi-
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a function of year of birth. This analysis allows us
to observe key trends in changing formant dynamics. The second analysis focuses specifically on the
temporal dynamics of PRICE and MOUTH. We use
computational methods to track changes in the position of inflection points along the trajectories. More
detail about the specifics of our methods is provided
alongside the results in the next section.
Our analyses are exploratory (as opposed to confirmatory; see e.g. [1]). Conventional measures of
statistical significance such as p-values are known
to be unreliable in such modelling settings. Therefore, they are best seen as ‘indicators of surprise and
should not be taken at face value as exact probabilities’ ([1], p. 227). All the major patterns that we
describe are extremely robust and emerged as significant in all the models that we fit. Nonetheless, to
discourage a confirmatory interpretation of our results, p-values are only used in a supportive role in
this paper.

able as an OSF repository at the following URL:
osf.io/74mza. We encourage readers to consult
the animated summary of our findings under icphs
> MOUTH_PRICE_in_NZE.mp4.
2. GENERAL METHODS
2.1. Materials

We extracted dynamic F1 and F2 measurements for
all PRICE and MOUTH tokens in the forced-aligned
[18] Origins of New Zealand English (ONZE) corpus [9]. The core ONZE corpus contains recordings from over 500 speakers of New Zealand English born between 1857–1988, thus spanning 130
years of sound change in apparent time. The formant
measurements were extracted automatically using a
combination of the software package LaBB-CAT [7]
and Praat [3]. Each vowel token was sampled at 11
evenly spaced time points, yielding time-normalised
formant measurements at 0%, 10%, 20%, etc. of the
vowel duration.

3. MODELLING RESULTS

2.2. Data processing

3.1. GAM analysis

Since the formant measurements were generated automatically using unsupervised methods, they inevitably include errors. To remove problematic tokens, we heavily filtered the raw data. First, we
manually excluded 41 speakers due to systematic
errors in formant tracking. We established reasonable absolute bounds for F1 and F2 for males and
females using the 1st and 99th percentiles of the formant data in [11] and excluded all formant measurements outside these bounds. Within each speaker,
we also excluded F1/F2 measurements that were further from the lower/upper quartiles than 1.5 times
the interquartile range. After the exclusion of individual measurement points, we discarded all vowel
tokens that had more than 4 measurement points
missing for either F1 or F2. This leaves an overall
31,025 vowel tokens for PRICE and 20,123 vowel tokens for MOUTH from 539 speakers. Although these
filtering methods capture many errors in the data, it
should be noted that even the cleaned data set contains a large amount of noise. We deal with this issue
by employing smoothing techniques in our statistical analyses, which are designed to infer smooth underlying curves from potentially noisy observations.

The model presented in this section was fit to an aggregated version of the raw data consisting of pointwise by-speaker averages for F1 and F2. Thus, each
speaker is represented by 11 measurement points
for F1 and F2 for each vowel (which obviates the
need for random effects in our model). We fit a single large fixed effects GAM to the F1 and F2 values for both vowels, including separate tensor product smooths over year of birth and measurement
point (i.e. the location of the measurement along
the vowel trajectory) for each combination of vowel,
F1/F2 and sex. The model also controlled for potentially non-linear effects of average log vowel duration within speakers. Our tensor product smooths
are analogous to interactions between year of birth
and measurement point in a conventional regression
model, but they allow for non-linearities in the main
effect of measurement point, the main effect of year
of birth, and their interaction. In practice, this means
that our model is sufficiently flexible to capture complex – and potentially decelerating or accelerating –
changes in the shapes of formant contours. The decision to fit a single model to all our data was motivated by practical concerns; fitting separate models
to each combination of vowel, F1/F2 and sex would
yield essentially identical results.
While p-values from exploratory models must be
taken with a pinch of salt, all terms relating to
changes in the height and shape of formant contours
are significant at a level well beyond p < 0.0001

2.3. Data analysis

We conducted two analyses for each vowel. First,
we used generalised additive models (GAMs) to
track changes in the shapes of F1 and F2 contours as
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Figure 1: Predicted F1 and F2 contours for
(orange).

MOUTH

sex
1860

(top) and
female

1900

PRICE

(bottom) for females (purple) and males

male
1960

1985
MOUTH

10
8
6
4
12

PRICE

frequency (Bark)

12

10
8
6
4
25% 50% 75%

25% 50% 75%

25% 50% 75%

25% 50% 75%

measurement point (% vowel duration)

(with the exception of changes in the shapes of F2
contours for MOUTH, which are significant at p =
0.034 for females and p = 0.0009 for males). In
practical terms, this suggests that we can be confident that the observed changes are robust.

shows a slight reversal near the end of the observed
time period. The changes in F2 are much less pronounced: we see a slight overall rise in F2 accompanied by a flattening of the contour with no obvious
changes in timing. Our auditory impressions based
on the resynthesised stimuli can best be summarised
as follows: [@ffi0] (1860) > [3ffi9] (1900) > [Effl;@] (1960)
for the females; and [5fflUffi] (1860); [Effl9] (1900); [E;@]
(1960) for the males.
PRICE shows very similar changes in F1, though
the shift in the F1 maximum seems to be implemented slightly more slowly, and does not reach
completion until the last snapshot. F2 changes more
dramatically than it does for MOUTH: the portion
between 15%–40% of vowel duration shows gradual lowering, moving from a relatively flat shape to
a dipped curve. The main inflection point (which becomes the F2 minimum after 1860) shifts gradually
towards the centre of the vowel. This movement is
more obvious for the males than it is for the females.
The changes can be transcribed roughly as follows:
[3fflflI] (1860) > [Affi9ffi] (1900) > [A;@ffi] (1960) for the females; and [2ffiflI] (1860) > [Afi9ffi] (1900) > [A;@ffi] (1960)
for the males.

The main results of the model are summarised
in figure 1, which shows snapshots of the model’s
predictions for F1/F2 separately for the two vowels and two sexes at different time points. The
snapshots are not linearly spaced in terms of
year of birth. They were chosen strategically
to show key milestones in the changes. For a
fuller presentation of our results, consult the accompanying OSF repository, which includes animations that cover the entire time period (icphs
> MOUTH_PRICE_in_NZE.mp4). These animations
also include audio generated by filtering a synthetic
source using the predicted formant trajectories. The
IPA transcriptions in this section are based on these
synthetic stimuli.
Let us first discuss MOUTH. The F1 contour
shows a fairly substantial overall increase for both
the females and the males, along with a general flattening of the trajectory shape. Most of this increase
occurs between 1860 and 1900, with some further
incrementation between 1900 and 1960. There is a
slight reversal of this change after 1960 that is somewhat more pronounced for the female speakers. Another change in F1 that follows roughly the same
timeline relates to its maximum: while the F1 maximum is timed near the beginning of the contour for
speakers born around 1860, it shifts to the middle of
the contour by 1900 and to the end of the contour by
1960 for both males and females. This change also

3.2. Analysis of inflection points

We referred to points of interest in the formant contours as the ‘F1 maximum’ and the ‘F2 inflection
point’ / ‘minimum’. In some cases (such as the F2
minimum for PRICE), these points of interest correspond well with the conventional division of diphthongs into nucleus and offset; in other cases (such
as the gradually shifting F1 maximum for PRICE and
MOUTH ), it is harder to find equivalents in conven-
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The results from this model largely confirm our
impressions from the previous section. The inflection point shows a substantial shift over time toward the end of the vowel for F1 for both vowels and both sexes. The change is more rapid for
MOUTH than it is for PRICE , reaching completion
just before 1950, and reversing slightly after 1950.
PRICE shows a continuous shift throughout the entire period for both sexes. The final location of the
inflection point is essentially the same for PRICE
and MOUTH around 70%. There is also a somewhat more subtle shift in the F2 inflection point for
PRICE for males (starting at around 30% and ending
at 40%), but no similar shift is observed for females.

60%

PRICE

PRICE

40%

female

MOUTH

20%
80%
60%

MOUTH

4. DISCUSSION AND CONCLUSIONS
PRICE
PRICE

male

inflection point (% V duration)

Figure 2: Predicted location of inflection point for
F1 (left) and F2 (right) contours for MOUTH (blue)
and PRICE (red) for females (top) and males (bottom). Non-significant smooths are shown using
faint lines.
F1
F2
MOUTH
80%

Analysis of changing trajectories for the PRICE and
MOUTH vowels in New Zealand English reveals that
the inflection point of the vowel has moved significantly later in both vowels. We strongly suspect that these changes have been crucial in creating diphthongs that are auditorily distinct from corresponding vowels in other varieties. This suggests
that analyses which are restricted to formant measurements at static target points may overlook the
timing dimension as an important aspect of withinvowel diphthongal variation. Our findings are also
in line with previous accounts of changes in NZE
diphthongs: the initial portion of PRICE shifts towards the back (and lowers), while the initial portion of MOUTH shifts slightly towards the front (and
lowers); the final portion of both diphthongs shows
heavy centralisation.
The relative independence of horizontal changes
in F1 and F2 poses challenges for accounts assuming a simple binary division between nucleus and offglide. For instance, the F2 contours for MOUTH in
the 1900 snapshot of figure 1 would suggest the existence of two targets around 30% and 75%, while
the F1 contour suggests a single target around 50%.
One possible interpretation is that diphthongal targets are inherently dynamic, and that speakers retain fine-grained information about their temporal
coordination. An alternative interpretation is that
the horizontal movement of the F1 peak is an artefact of asynchronous vertical shifts in the nucleus
and the offglide. Our findings do not allow us to
clearly distinguish between these two possibilities.
The notion of horizontal diphthong shift provides
a descriptively appealing characterisation of the observed changes, but the cognitive bases of such horizontal shifts clearly require further investigation.

40%
MOUTH

20%
1900 1950

1900 1950

year of birth

tional units of analysis. In this section, we follow [4]
in using the term ‘inflection point’ to refer to them.
We define inflection point as a prominent change
of direction (or ‘bend’) in a formant trajectory. For
F1 contours and MOUTH F2 contours, we were primarily interested in the location of ∩-shaped bends;
for PRICE F2 contours, we were interested in the
location of ∪-shaped bends. We operationalised
this definition of inflection points using the first and
second derivatives of smooth curves fitted to each
speaker’s data. ∩-shaped bends were identified by
looking for (i) a point along the trajectory where the
first derivative reached 0 and the second derivative
had a negative value, or, if no such point was found,
(ii) the minimum of the second derivative. ∪-shaped
bends were identified by looking for (i) a 0 along the
first derivative with a positive corresponding value
along the second derivative or (ii) a maximum in the
second derivative. This operationalisation closely
matched our own intuitions about inflection points
in the majority of cases.
We extracted a single inflection point per formant
per vowel for each speaker using the method described above, and fitted a GAM with the location of
the inflection point as the outcome variable, and separate smooths over year of birth for each combination of vowel, sex and formant. Figure 2 summarises
the results of the model in the form of a prediction
plot. Smooths that did not show significant changes
are shown using faint lines.
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ABSTRACT

The PRICE vowel has a retracted onset in Cockney
compared to RP, while the MOUTH vowel has a
fronted onset leading to what has been termed the
PRICE-MOUTH crossover [21].
Recently, in inner North and East London
and to a lesser extent, in outer East London, young
people have shown a movement away from
traditional Cockney variants. Instead they favour the
MLE forms, which like Cockney, have narrow
diphthongs and even monophthongal realisations.
However, these MLE vowels do not have the backed
and fronted onsets that are found in Cockney PRICE
and MOUTH vowels respectively. They are also
lowering and centring [6; 7; 10]. Outside of London
in the southeast, young people in Milton Keynes and
Reading have been shown to favour diphthongs that
more closely resemble RP [8]. Therefore, the PRICEMOUTH crossover is in an advanced process of
reversal, or it altoghether absent in young speakers in
London and the peripheries.
The community of interest for this study is
the Debden Estate which was constructed in the town
of Loughton, Essex as part of government housing
act, The Greater London Plan [1]. This plan
envisioned several post-war, purpose-built, London
County Council (LCC) Estates in London’s suburbs
and peripheries to depopulate East London which was
over-populated and had high levels of poverty. The
original population of Debden was therefore almost
entirely formed of traditional East Londoners who
moved to the estate and would have spoken a form of
Cockney. While Debden is found in the town of
Loughton in Essex, it is often considered part of
greater London due to its proximity to central London
(it is within London’s orbital motorway the M25 and
is on Transport for London Underground Central
Line).
Since the oldest generations in Debden grew
up in East London, we expect tham to produce the
traditional Cockney PRICE-MOUTH crossover.
However, we may not observe this in younger
generations, in line with more widespread southeastern changes. Indeed, this is what we find,
comparing the average trajectories for the PRICE and
MOUTH vowels for the most extreme age groups in
our data set: speakers over 73, and speakers between
14 and 16 years of age (Figure 1; note that the groups
are not balanced for speaker sex, and hence the
vowels spaces are of different size). For both age

This study investigates two dynamic vowel changes
in a variety of Southern British English, in the context
of social changes affecting a specific speech
community. We present apparent-time data from a
community of Cockney speakers, rehoused from
London to Essex in the 1950s. Our interest is in
tracking the potential loss of a traditional Cockney
feature, the PRICE-MOUTH crossover. We find that the
crossover is reversing in apparent time, showing an
abrupt change towards regional standard in speakers
under 28 years of age, which we link to historical
policy changes, and a following shift to social class
attitude. We also find that while the formant values
shift noticeably in apparent time, the changes largely
preserve the trajectory shape.
Keywords: Cockney; PRICE-MOUTH crossover;
apparent-time; dynamic changes; the Debden Estate
1. INTRODUCTION
The southeast of England has seen much linguistic
change over the last 50 years. For instance, a large
number of traditional East London families relocated
to London’s suburbs and peripheries, in particular,
Essex [20]. The term “Estuary English” was first
coined in the 1980s to reflect the variety spoken in
London’s home-counties as a levelled continuum
between the most basilectal of London varieties,
Cockney, and Received Pronunciation (RP) [21].
More recently, parts of the Southeast have shown
dialect levelling processes, including a movement
towards RP vowels [8]. At the same time, East
London has become highly culturally and
linguistically heterogeneous which has led to the
emergence of a new variety, Multicultural London
English (MLE) [6; 7; 9; 10].
This paper explores selected changes
affecting traditional London working-class speech
features, focusing on the PRICE and MOUTH vowels.
These vowels have been shown to differ substantially
in traditional Cockney from RP [17; 21]. In addition,
they have also undergone recent changes in inner and
outer London, and in the southeast of England. In
what is often described as “True Cockney” [21] the
MOUTH, and to a lesser extent, the PRICE vowel, are
described as nearly or fully monophthongal [17; 21].
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20th century, white, East London working-class
families.
The age groups (>73, 55 – 72, 28 – 54, 18 –
27, 14 –16 years), were selected to reflect important
historical changes in the community. Debden has not
always had its own secondary school and throughout
various periods of time, Debden children have gone
to schools in neighbouring Loughton alongside local
children. At other points of time, Debden children
have been schooled separately on the estate. Those
aged 14 –16, 18 – 27 and 55 – 72 years went to
Debden schools, whilst those aged 28 – 54 went to
schools in Loughton. These differences in place of
schooling were shown in qualitative interviews and
fieldwork in Debden to be ideologically salient as
important identity markers such that the age groups
for this study were designed accordingly. However, it
is important to note that a minority of participants did
school outside of the area or may have gone to school
in Loughton, whilst living on the peripheries of
Debden. Further, these age-groups reflect important
social and political changes in Debden. Those aged
73+ grew up prior to deindustrialisation when work
opportunities on council-estates were limited,
schooling was largely capped at 15 or 16 and housing
was all socially rented. However, for those in younger
age-groups, there has been somewhat of an expansion
in the domains or work and education as well as a
dramatic increase in rates of home-ownership in
Debden. Table 1 shows the participant summaries by
sex and age-group.

groups, PRICE and MOUTH are crossed, as expected in
Cockney. Nevertheless, it is quite clear that the
onglides for PRICE and MOUTH are coming closer
together along the F2 dimension in apparent time,
shifting towards the RP standard.
Figure 1: Average trajectories for the PRICE and
MOUTH vowels for the oldest and the youngest
speakers in the dataset

We expand on this preliminary evidence of a
crossover, using an apparent time
analysis with increased granularity of the age
predictor. We identify five distinct age groups, to
reflect the sociolinguistic processes that have been
documented across the South-East since the 1980s.
Our main research question, in this context, is
whether the trajectories change continuously in
apparent time, or whether we can see an abrupt shift.
Furthermore, we compare the formant trajectories in
apparent time, to establish whether observed changes
affect the vowel dynamics.
PRICE-MOUTH

Table 1: Participant summaries

2. MATERIALS AND METHOD
2.1. Speakers
51 speakers living in Debden were recruited for a
sociolinguistic interview. All those interviewed had
lived there for at least the previous 30 years, whereas
nearly all speakers under 72 had lived in Debden
since birth. All speakers aged >73 had been born and
raised in London’s traditional East End. They
considered themselves Cockney and had relocated to
Debden at various stages of adulthood. Therefore, this
age group can be used as a baseline for defining
traditional Cockney speech. We did not attempt to
determine the social class of the speakers, as
qualitative interviews with participants show that
outward perceptions of class in Debden do not reflect
self-identification [2]. However, all speakers
originated from what were, until the first half of the

Age group

F

M

14-16
18-27
28-54
55-72
73+

4
5
8
9
4

4
5
3
5
4

2.2. Materials
The participants completed a sociolinguistic
interview [11; 12], designed to elicit speech in a range
of different styles: an open interview, reading of a
phonetically-balanced passage (an adaptation of the
popular children’s story “Chicken Little” [16], and
reading of a word-list. They also completed a
background information form that elicited key
demographic information, and an attitudinal
identification questionnaire [12] which was not be
analysed as part of this present study [see 3].
The word-list included all English vowels, as
well as consonantal features known to be of
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sociolinguistic interest in the Southeast. Whilst the
word-list targeting vowel production aimed to include
bVt/bVd words, this was not always possible. A pilot
study showed the need to use high-frequency words
and words with transparent spelling, as some
participants struggled to read some items.
Of the 51 speakers, all read the word-list, and
45 read the passage. Six participants did not feel
comfortable or confident reading the passage aloud.

Generalised Additive Mixed Modelling [22]. The
predictors we considered included:
- main effects of sex (female vs. male) and age
group (>73, 55 – 72, 28 – 54, 18 – 27, 14 –
16 years), as well as an interaction between
them
- main effect of style (word list vs. passage)
- normalised time, as well as normalised time
by the predictors listed above
- vowel duration and tensor product
interaction between duration and normalised
time [18]
- by-speaker and by-item random smooths for
normalised time.

2.3. Procedure
All interviews were conducted by the first author, a
white, English-speaking female from Debden whose
family had moved from East London to Debden in the
1950s as part of the LCC Greater London Plan. Each
subject read the passage once, followed by two
repetitions of the items in the word list. The words
were presented individually in a random order. The
speakers were instructed to read the words and the
passage as if they were talking to a friend or family
member.
A majority of recordings took place in a quiet
room in the first author’s parents’ home, or in
participants’ homes. The participants were seated at a
table or on a sofa with the microphone placed on a
table in front of them. The recordings for the age
group 14–16 yrs took place in their school in a quiet
classroom after consent was obtained from the
school’s headmistress and the participants’ parents.

We fitted a full model based on all the predictors
listed above, and tested for significance of the
individual predictors by removing them step-by-step,
and comparing the ML values, based on the procedure
described in [19]. This procedure allows us to
distinguish between factors affecting mean formant
values, and factors affecting formant trajectories.
Only significant predictors were retained (at α=0.5).
All interpretations of significance in Section 3 below,
as well as all p-values, are based on model
comparison. We corrected for autocorrelation using
an AR1 error model [4].
3. RESULTS

2.4 Analysis

We found no significant age group effects on
normalised F1 for either vowel, suggesting no
apparent-time change along this dimension. In
contrast, both vowels show significant F2 changes in
apparent time (p<.001 for PRICE; p<.01 for MOUTH),
and a significant interaction between age group and
normalised time (p<.001 for PRICE, p<.05 for
MOUTH), suggesting apparent time changes in the
vowel trajectory.
As shown in the left panel Figure 2, there is
overall fronting of the onglide of PRICE in apparent
time, with a fairly abrupt shift for speakers under 28
years. We also see further changes affecting the
vowel offglide in the youngest speaker group (14–
16), manifested as F2 lowering in the offglide,
resulting in overall less displacement along the F2
vector for the youngest speakers. F2 trajectory in
PRICE was also significantly affected by sex (p<.001;
effect not illustrated), with females overall ahead of
males with respect to onglide fronting. Sex did not
interact significantly with age group.
The right panel of Figure 2 shows the
dynamic effect of age group on F2 in MOUTH vowel.
We find a significant apparent time change in the F2
trajectory, and once again, there is an abrupt shift for

The word list and passage data were transcribed in
ELAN by an undergraduate RA to exclude
disfluencies, reading errors, etc. The ELAN files were
used as input for automatic segmentation and
extraction with FAVE [14]. We extracted formant
measurements dynamically, at 1ms intervals with the
FAVE default settings which included a maximum of
5 formants up to 5000Hz for males and 5500Hz for
females. We removed outliers, defined as values
outside the range of 2.5 standard deviations from the
mean for each vowel by-speaker, as likely tracking
errors. We then z-score normalised the F1 and F2
values within speaker [13]. Following this, we
extracted the instances of PRICE and MOUTH vowels,
excluding high-frequency words that are highly prone
to reduction, such as I, I’d, or now. The total number
of tokens was 1103 for PRICE and 1154 for MOUTH.
We normalised the length of the individual
formant trajectories, by reducing the dataset to the
measurements taken at 10% intervals throughout each
vowel.
We analysed the normalised F1 and F2
trajectories for both PRICE and MOUTH, using
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speakers under 28 years. This speaker group shows
retraction of the onglide, compared to the older
groups, consistent with a shift towards Modern RP (or
Standard Southern British English; SSBE).
Simultaneously, there is a retraction in the vowel
offglide, such that the overall shape of the trajectory
remains relatively stable. We did not find significant
sex effects for the MOUTH vowel, nor a significant
interaction between sex and age group.

abruptly in the 1980s across Britain, and particularly
for council estates through post-industrialisation and
the establishment of neoliberal policy. Thatcherite
policies sought to eradicate class distinction by the
implementation of house-owning democracy through
the Right to Buy scheme and an extension of market
rule. This saw the privatisation of the council estates
in Essex, and men from these areas experienced an
expansion of their working-opportunities. Many of
them worked in the City of London [5; 15]. Therefore,
those aged <28 were the first generation to grow up
in Debden after this period of great social change.
The changes observed in the <28 group are
found for both the MOUTH and PRICE vowels, which
suggests the Debden vowels may be changing as a
system rather than innovation in one single vowel.
Whilst this requires further work, it may be part of a
wider movement towards modern RP which reflects
an ideological move towards a perceived “standard”
and away from Cockney. Nonetheless, it is important
to note that the Cockney crossover has not been
completely reversed. In the individual speaker
systems for the <28 speakers, the PRICE-MOUTH
crossover was present and the onglide for PRICE was
never more front than the one for MOUTH. Thus, the
process of full reversal is at a phonologically early
stage in Debden.
Finally, there seems to be a tendency for the
offglide of the vowels to follow the onglide. Even
though we find significant apparent-time differences
in vowel trajectories, the overall shape of the trajectory
is largely maintained, and the average realisations are
fairly diphthongal. The only exception is the PRICE F2
for the 14–16-year olds where there is a sharp backing
at the offglide such that the vowel trajectory shape for
this age-group does not resemble that of the other age
groups. More research is required to ascertain if this is
an innovation in the PRICE vowel, age-grading or part of
a wider system of innovation amongst this age group.

Figure 2: GAMM estimates of F2 trajectories for
the PRICE and MOUTH vowels, as a function of age
group

4. DISCUSSION
The data seem to cluster into two groups: those under
28, and 28+. Those aged 28+ have typical Cockney
PRICE and MOUTH vowels and do not show signs of
MOUTH-PRICE reversal. In contrast, those under 28
show both a fronting in the onglide of PRICE and a
backing of the onglide of MOUTH. Therefore, the
vowels do not appear to have changed immediately as
a result of Cockneys moving to Essex, and living
within the town of Loughton (if that were the case, we
would have expected to see a change in an older age
group). This is likely due to the limited contact
between the two communities which occurred for
several decades after the construction of the estate.
Participants aged >55 report that their friendship
networks did not transcend the boundaries of Debden
and that they rarely went to Debden’s surrounding
towns/villages (eg. Loughton. Theydon Bois etc).
The age groups 55–72 and 28–54 do not
demonstrate a movement away from the oldest
speakers. Whilst the <28 group do not pattern with the
older groups, their average formant trajectories do
not show MLE influences, as seen in other parts of
greater-London. Apparent time changes do not affect
F1, so there is no evidence of lowering as in MLE,
whereas the observed changes in F2 in speakers under
<28 suggest a shift towards Modern RP.
It is likely that the abrupt change for those
<28 reflects social and historic changes that occurred

5. CONCLUSIONS
This apparent-time analysis demonstrates that there is
evidence for change in the vowel system in Debden,
which appears to be moving as a system towards
Modern RP. Nonetheless, this does not represent
major changes in the trajectory shape which is
broadly maintained. The change in the PRICE and
MOUTH vowels appears to be at a relatively early
stage, such that the crossover has not been fully
reversed. Furthermore, this change appears to be
relatively young, as it is only seen in the <28 age
group. The abrupt change in the vowel system likely
reflect abrupt socio-political changes that
transformed the Debden Estate from the 1980s.
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Based on the literature, different expectations
arise. Some findings predict that hesitation behavior
could be consistent across languages, as suggested
by [4], while other findings predict that speakers
adapt their hesitation behavior when speaking in
another language. [10] demonstrates that the number
and duration of silent pauses remain stable in
speakers’ first (L1) and second (L2) language. Filled
pauses might behave similarly. However, research
on language fluency shows that while L2 speakers
do not use more silent pauses than L1 speakers, they
do use more filled pauses [5]. This implies that the
number of filled pauses may differ across one’s
languages. Research on fluency also shows that L2
learners decrease their use of filled pauses over time
[12, 16]. This suggests that the speakers in our study
might use fewer filled pauses in their L2 than less
advanced L2 learners, decreasing the variation in the
use of filled pauses across their L1 and L2. Three
years in an English-speaking environment might
decrease between-language differences even more.
Regarding the phonetic realization of filled
pauses, Flege’s Speech Learning Model (SLM) [7]
predicts that L2 learners only adapt their
pronunciation to a more native-like one if they
perceive that the sound is different from a sound in
their L1. Since the vowels in filled pauses are
realized quite similarly in Dutch and English [6, 20]
and filled pauses are a relatively unconscious part of
language [4], the SLM predicts that Dutch L1
speakers do not adapt their vowel realizations when
speaking English. However, the more proficient L2
learners become, the easier they are able to perceive
subtle sound differences, and the more likely they
are to adopt a more native-like pronunciation [19]. A
more noticeable feature to L2 learners is the
preference in English to end filled pauses with a
bilabial nasal (um), while in Dutch, uh is preferred
[6]. According to the SLM, speakers should
therefore be more prone to show between-language
differences in their um:uh proportions than in their
realizations of the vowel. For both um:uh proportion
and vowel realization, we expect between-language
differences to increase over time.
Overall, we expect that speakers are consistent in
their use of filled pauses across languages on
number per minute and duration, but show changes
in their spectral realizations.

ABSTRACT
We investigated the speaker-specificity of filled
pauses across languages and time. The filled pauses
uh and um contain speaker-specific information in a
speaker’s native language. Since speakers are
relatively unaware of their hesitation behavior, it
might transfer from their first (L1) to their second
language (L2). We examined filled pauses using
several phonetic-acoustic features in spontaneous
L1 Dutch and L2 English speech of 20 female
speakers, recorded at two times, three years apart.
Using linear mixed-effects models, we found that
speakers differ in their first and second formants of
uh and um in L1 versus L2, while duration and
fundamental frequency remain stable. Speaker
classification models trained on filled pauses in one
language perform worse – but still relatively well –
on the other language. With the exception of a few
speakers, hesitation behavior remained stable over
time. In spite of L1-L2 differences, some speaker
characteristics of filled pauses remain.
Keywords: forensic phonetics, hesitation markers,
speaker-specificity, second language acquisition
1. INTRODUCTION
Individual speakers have distinct and consistent
patterns in their usage of the filled pauses uh and um
[e.g. 3, 9, 11, 14]. Clark and Fox Tree [4] mention
that “speakers of English as a second language often
import fillers from their first language” (p. 93).
However, empirical research investigating this claim
is limited. Hence, this study addresses the following
research questions:
1. Are speakers consistent in their hesitation
behavior across languages?
2. How does hesitation behavior change with
second language development?
We study these questions in a population of Dutch
students living in a multilingual community with
English as the lingua franca, whose proficiency in
English is relatively high [17]. We used recordings
made during the first and last semester of a threeyear period. Prior studies show that these students
converge towards a shared English accent over time
[18, 19].
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(F1, F2, F3) of the filled pause over the
middle 50% of the vowel (in Hz);
• the number of filled pauses per minute;
• the um:uh proportions.
Spectral measurements were performed in Praat.
Measurement errors (max. 6% per feature), as well
as outliers (max. 3% per feature), were excluded.
Outliers were determined by visual inspection of the
histograms against a normal distribution. For the
analysis of F0, low values indicating creak on the
vowel (1%) were also excluded.

2. MATERIALS AND METHOD
2.1. Speakers

We selected 20 female speakers with Standard
Dutch as L1 from the Longitudinal Corpus of
University College English Accents (LUCEA),
collected in 2010-2013 by Orr and Quené [17]. The
speakers were students from University College
Utrecht, who were recorded on multiple occasions
over the course of three years. During this time, the
students lived on campus – a multilingual
community with English as the lingua franca.
University Colleges select their students based on
English language proficiency, which has to be at a
level similar to B1 in the Common European
Framework of Reference. The selected speakers thus
form a relatively homogeneous group in terms of
age, gender, education level, L1 background, L2
proficiency, and linguistic environment.

2.4. Statistical analyses

Linear mixed-effects models were used to
investigate the effects of the fixed factors Language
(Dutch, English) and Time (recording 1, 5) on the
acoustic measurements: duration, F0, and F1~3. For
modeling, the lmer() function from the lme4 package
[1] was used. Significance was evaluated through
likelihood ratio testing with stepwise inclusion of
predictors. In the random part of the model, in
addition to by-speaker intercepts, the effect of
maximization of the random structure on model fit
was evaluated for each final model. Modeling was
done separately for uh and um. As reference levels,
Dutch and recording 1 were used (treatment-coding).
Number of filled pauses per minute was
calculated using recording duration, and compared
between languages and recordings using log-linear
regression via the glmer() function from the lme4
package [1]. The um:uh proportions were analyzed
using logistic regression through the same function.
Finally, linear discriminant analysis (LDA) was
used to evaluate speaker classification performance
under different conditions, based on the language
spoken and the moment of recording. As predictors,
the acoustic measurements duration, F0, and F1~3
were entered. For the LDAs, the filled pauses uh and
um were analyzed together to increase the number of
instances per speaker. Therefore, instead of duration
of the entire filled pause, the more comparable
measurement vowel duration was used. Vowel
duration was log-transformed to better meet the
normality criterion. The classifications were crossvalidated using leave-one-out validation, and the
model’s structure coefficients were examined to find
the predictors contributing most to the classification
outcome. Speakers with fewer than six filled pauses
in a certain language at a certain time were excluded
from the analysis. This led to the exclusion of one to
three speakers per LDA (5−15%).

2.2. Recordings

The LUCEA corpus consists of multiple speaking
tasks [see 17], of which we selected a task where the
students were asked to speak about an informal topic
for two minutes; first in L1 Dutch and then in L2
English. The order of the languages was not
counterbalanced. This could have caused practice
effects in the data [8], since some students talked
about the same topics in both languages. In such
cases, speakers are expected to use fewer filled
pauses in the L2 than without practice.
The students were recorded five times over the
course of three years [17]. In this study, only the
first and fifth recordings of the selected speakers
were used, since these recordings are expected to
show the largest development over time.
The recordings were made in a quiet furnished
room with eight different microphones [see 17]. We
used the recordings of the close-talking headset, to
keep a consistent distance to the speaker’s mouth.
2.3. Segmentation and measurements

The filled pauses uh and um were segmented
manually in Praat [2], separating the vowel and
optional nasal part. The total number of filled pauses
was 1,472, of which 826 (56%) were uh. Each
speaker contributed 74 filled pauses on average
(ranging from 25 to 121).
The following measurements were taken:
• the duration of the filled pause incl. or excl.
the optional nasal (in ms);
• the mean fundamental frequency (F0) of the
filled pause over the middle 50% (in Hz);
• the mean first, second, and third formant
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speaker intercepts and by-speaker slopes for
Language and Time. The speakers’ F2 was 43 Hz
lower in English for the uh vowel (SE = 14.7, t =
−2.9) and 41 Hz lower for the um vowel (SE = 15.6,
t = −2.7). Figure 1 illustrates that individual speakers
varied in their F1 and F2 random intercepts of uh.
The intercepts for F3 of the uh and um vowels
were 2,717 Hz and 2,725 Hz, respectively. For the
uh vowel, the optimal model included the fixed
factor Time (χ2(1) = 5.8, p < .05), by-speaker
random intercepts and by-speaker slopes for Time.
After three years, the speakers’ F3 was on average 7
Hz higher, but this was not significant (SE = 5.0, t =
1.5). For the um vowel, adding the predictors Time
or Language did not improve the model (χ2(1) ≤
0.79, p ≥ .38). By-speaker random intercepts showed
between-speaker variation in F3 of both uh (range:
−217 – 308 Hz) and um (range: −327 – 288 Hz).

3. RESULTS
3.1. Modeling of acoustic features

The intercept for uh duration was 300 ms and 492
ms for um. Adding the predictors Time or Language
did not improve the uh or um models (χ2(1) ≤ 1.08, p
≥ .30). By-speaker random intercepts showed that
speakers varied in their durations of uh (range: −57 –
90 ms) and um (range: −100 – 209 ms).
The F0 intercept was 187 Hz, both for uh and um.
For both hesitation markers, adding the predictors
Time or Language did not improve the models (χ2(1)
≤ 0.83, p ≥ .36). By-speaker random intercepts
showed that speakers differed somewhat in F0 of
both uh (range: −27 – 18 Hz) and um (range: −27 –
17 Hz).
The intercepts for F1 of the uh and um vowels
were 604 Hz and 629 Hz, respectively. The optimal
models included the fixed factors Language (χ2(2) ≥
29.0, p < .001) and Time (χ2(2) ≥ 4.1, p < .05), byspeaker intercepts and for um by-speaker slopes for
Time. In English, speakers’ F1 of uh was on average
37 Hz higher than in Dutch (SE = 6.0, t = 6.2), and
of the um vowel 39 Hz higher (SE = 6.5, t = 6.0). At
time 5, speakers’ F1 of uh was on average 4 Hz
higher than at time 1 (SE = 1.5, t = 2.4). For um, the
increase in F1 over time was not significant.

3.2. Modeling of count features

The final model’s intercept showed that speakers
used 8.7 filled pauses per minute. The model
included the factor Language (χ2(1) = 4.1, p < .05),
reflecting that speakers used less filled pauses in
English (7.4/minute). By-speaker random intercepts
showed speaker variation between 5.0 and 12.7
filled pauses per minute.
The back-transformed intercept for the um:uh
proportion was 0.76. The optimal model also
included the fixed factor Language (χ2(1) = 40.2, p <
.001), altering the um:uh proportions to 1.10 for
English. In the random part, by-speaker intercepts
and by-speaker slopes for Language were included.
Figure 2 shows the by-speaker um:uh proportions.

Figure 1: Caterpillar plots of by-speaker random
intercepts (F1 of uh; upper) and by-speaker random
intercepts plus by-speaker slopes for Language and
Time (F2 of uh; lower).

Figure 2: Proportions of um and uh by speaker, per
language and per recording time.

3.3. Reflection on mixed-effects modeling

The results of the mixed-effects models show that
some features remained stable across languages (i.e.
number, duration, F0, F3), whereas others varied by
language (i.e. F1, F2, um:uh proportions).

The intercepts for F2 of the vowels in uh and um
were 1,648 Hz and 1,633 Hz, respectively. For both
hesitation markers, the optimal models included the
fixed factor Language (χ2(2) ≥ 14.9, p < .001), by609

The acoustic parameters were used for speaker
classification to assess how hesitation markers may
contribute to between-language (forensic) speaker
comparisons. The vowel formants were expected to
contribute most to the models because of their high
speaker-specificity [e.g. 13, 15]. Since time
differences seemed minimal, excepting results from
a few speakers (see section 3.1), we predicted that a
model built on data from recording 1 would perform
quite well on recording 5. Because language effects
were more prominent, we expected a model trained
on one language to perform worse on the other.

4. DISCUSSION AND CONLUSION
We assessed whether speakers are consistent in their
hesitation behavior across languages, and how this
develops over time. Results showed that filled
pauses in speakers’ L1 and L2 differed in a number
of features. Over time, their filled pauses in either
language showed only small changes.
When talking English, the Dutch altered the F1
and F2 of their filled pauses. The vowels were
pronounced more open and more back in English
than in Dutch. Also, the speakers used um relatively
more often than uh in English, as native English
speakers do [6]. Apparently, the students’ L2
proficiency was high enough to perceive differences
between Dutch and English filled pauses and use
them in their L2 speech, already at T1.
Other features of hesitation behavior remained
consistent in L1 and L2. The consistency in duration
of filled pauses is in line with the findings of [10] on
silent pauses. The finding that the speakers did not
use more filled pauses in their L2, as predicted by
[5], can be explained in two ways. Firstly, this can
be explained by the speakers’ high L2 proficiency
[12, 16]. Secondly, practice effects could have
caused a lower number of filled pauses in the second
speaking task, which was in the L2. Overall,
speakers did not alter their F0 and F3 when speaking
in the L2. Whereas F1 and F2 are highly dependent
on the nature of the target sound, F0 and F3 are less
dependent on the target [13, 15]. Filled pauses were
mostly consistent over time, but some speakers’ F1
and F3 changed within both languages.
The LDAs showed that the formants (F1~3) were
the best-performing features in speaker classification
models, which is in line with previous findings [9,
13, 15]. When comparing classification performance
across languages and across time, we found that the
speakers made most adaptations on exactly these
features, especially on F1 and F2. The formants’
instability over languages and time forms a
challenge for speaker-specificity, as it causes lower
within-speaker consistency.
Speakers are not fully consistent in their use of
filled pauses across languages, but partially adapt to
the characteristics of the L2. Still, some speakerdependent information remains in filled pauses.
Future research on a larger speaker set will extend
these results using a likelihood ratio approach.

3.3. Linear Discriminant Analyses

Models built on either Dutch or English at one
moment in time performed worse on the other
language recorded at the same time (see table 1).
When Dutch data from recording time 1 (T1) were
used for training, cross-validated speaker
classification performance on Dutch data from T1
was 44% correct, whereas performance on T1
English data was 38% (chance level = 5%). When
training on T1 English data, performance was 46%
correct on English and 31% on Dutch. Comparable
results were obtained with data from T5.
Table 1: Speaker classification performance of LDA
models (trained on one language at T1 or T5) on the
same language and on the other language at that time.

Trained on Dutch:
(T1)
(T5)
Dutch
44%
44%
English
38%
29%

Trained on English:
(T1)
(T5)
31%
31%
46%
45%

Models built on data from either T1 or T5
performed worse on within-language data from the
other time (see table 2). For instance, training on
Dutch T1 data gave 47% correct classification on
Dutch at T1, but 25% at T5. Results on the other
within-language comparisons showed the same
advantage of training data Time.
Table 2: Speaker classification performance of LDA
models (trained on T1 or T5 in one language) on the
same time and on the other time in that language.

Time 1
Time 5

Trained on time 1:
(NL)
(EN)
47%
48%
25%
23%

Trained on time 5:
(NL)
(EN)
26%
29%
43%
45%

5. ACKNOWLEDGEMENTS
This research was supported by a VIDI grant from
The Netherlands Organisation for Scientific
research. Thanks to J. van der Graaf and Y.
Sleeboom for their help in the annotations.

In both types of models, the formants (F1~3)
carried most weight, and to a lesser extent F0.
Duration had a minimal contribution.
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strengthening [6, 8, 9]. Another example, and a main
focus of the present study, is coda consonant
reduction, which poses that codas are articulatory
weak locations compared to onsets [15]. For
fricatives, aerodynamic and acoustic data on
American English /f, v, s, z, ʃ, ʒ/ seems to support
this;
codas
(defined
as
prepausal
and
preconsonantal) were found to have a slower
pressure build-up, a lower pressure peak, a delayed
onset of audible frication, and a lower amplitude
than onset fricatives [22]. However, when looking at
American English /s/ specifically, [19] show that,
while /s/ durations are shorter in coda than in onset
position, amplitude and spectral centre of gravity do
not show reduction. Interestingly, when a
discriminant analysis was performed on the acoustic
data, consonant classification performance was
better for onsets than codas for all consonants except
/s/. Similar results are reported for German fricatives
/s, ʃ/; slightly higher spectral centre of gravities were
found for codas than onsets [7]. The authors also
reported higher variability for codas than onsets and
more variability for deaccented than accented
positions.
Together, these findings indicate that not all
fricatives reduce in the same manner or to the same
extent, which might be explained by studies showing
that consonant reduction seems to be constrained by
production requirements [17]. As a result, some
consonantal features are more resistant to
coarticulation and reduction than others. For
example, the well-reported effect of lip-rounding on
fricatives [4, 12, 13, 14, 20, 21] may be explained by
the fact that the lips are often not actively engaged in
fricative production, so the coarticulatory resistance
to lip-rounding in fricatives is very low. The tongue
blade and dorsum are more resistant to coarticulation
and reduction in fricatives because of the production
necessity of constrictions formed with the blade and
dorsum in fricatives [18].
Speaker-related variation has also been shown to
affect speech segment acoustics, resulting in
speaker-specificity of speech sounds. Studies show
that some segments are more speaker-specific than
others. For example, in Dutch, fricative /s/ was
ranked below vowels and nasals, but above /r/ and
plosives in terms of speaker-specificity [23].
Fricative /s/ has also been shown to contain speaker-

ABSTRACT
This study aimed to investigate the interaction
between intra- and inter-speaker variation, i.e.
speaker-specificity, and linguistic information in
fricatives. Previous research has shown that
linguistic information such as syllabic position and
contextual lip-rounding may cause variation in
fricative acoustics. Acoustic measures from Dutch
fricatives /x/ and /s/ were extracted from
spontaneous telephone speech for 57 male speakers.
The speaker-specificity of these measures was
examined as a function of syllabic position and
anticipatory and perseverative lip-rounding.
Linear mixed-effect models showed no, or small,
effects of syllabic position on spectral, amplitudinal,
and temporal measures and showed effects of
contextual lip-rounding predominantly for /x/.
Linear discriminant analysis showed that fricative
acoustics contain speaker-specific information.
Syllabic positions differed somewhat in degree of
speaker-specificity.
These results show that, in fricatives, speaker
variation is slightly affected by linguistic
information.
Keywords: speaker-specificity, fricatives, syllabic
position, contextual lip-rounding, speech production
1. INTRODUCTION
Although it has been shown that both speakerdependent and linguistic information cause variation
in speech sounds, it is not clear if and how these
interact. This is relevant from both a theoretical
perspective to study the contribution of the speaker
in fricative productions, as well as a practical
perspective (with implementations in forensic voice
comparisons) to find locations with more speakerdependent information. The present study
investigated speaker variation as a function of
linguistic information.
Linguistic information has been shown to affect
speech segment acoustics. Namely, it has been
shown that there are articulatory strong and weak
locations in speech. For example, the edges of
prosodic domains such as phrases and words are
generally found to be locations of articulatory
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were taken over the middle 50% of each fricative’s
duration, over a 0.5–4.0 kHz band in Praat [5].
Additionally, polynomial cubic fits derived from the
spectral mean over five non-overlapping 7-ms
windows that were evenly spaced over the fricative’s
full duration were computed (see [12]). This
dynamic measure was computed for tokens with
durations of minimally 35 ms.

specific information in both English [10] and Dutch
[24] read speech. To our knowledge, no reports of
speaker variability in acoustic data for Dutch /x/
exist in the literature. Fricatives /s/ and /x/ were
selected for the present study because they are
highly frequent fricatives in Dutch [11].
In sum, although it has been shown that some
locations in speech are susceptible to articulatory
strengthening or weakening, these effects are not
uniform, as some consonantal features are more
resistant to reduction and coarticulation. Moreover,
it is not clear how these articulatory strong or weak
locations
interact
with
speaker-specificity.
Additionally, most studies have examined these
effects in read speech, which is not representative of
speech material used in forensic voice comparisons.
The present study investigated if speaker variation is
affected by syllabic position and contextual liprounding in spontaneous telephone speech, and if so,
which acoustic measures in which contexts are
relatively speaker-specific. Based on previous
findings [4, 12, 13, 20, 21], we hypothesised that
spectral measures show significant effects of
contextual lip-rounding. In light of conflicting
findings on coda reduction in fricatives (particularly
/s/) [7, 19, 22], we had no strong prediction for the
effect of syllabic position on spectral, amplitudinal,
and temporal measures.

2.3. Analysis

2.3.1. Linear mixed-effect modelling
Linear mixed-effect models with random intercepts
for Word and Speaker, random slopes for Speaker,
and fixed predictors for Left Context (0 = nonrounded, 1 = rounded), Right Context (0 = nonrounded, 1 = rounded), and Syllabic Position (0 =
coda, 1 = onset) were run separately per measure for
/x/ and /s/. Models were fitted using function lmer
from R package lme4 [3]. The initial step was to
build a full model with a maximal random structure
by restricted maximum likelihood (REML)
estimation [1]. Next, stepwise deletion of random
structure was used to reduce the random structure of
the model, given this was theoretically justifiable
[2]. Random-effect correlations were excluded. In a
last step, the fixed factors were estimated by
stepwise deletion. Models were compared using the
likelihood ratio test. Speaker variation was inspected
using caterpillar plots, which visualised random
intercept and slope coefficients by speaker.

2. METHODOLOGY
2.1. Corpus data

A total number of 3,492 /x/ tokens and 3,073 /s/
tokens from 57 male speakers of Standard Dutch
aged 18-50 were automatically segmented and
manually validated from spontaneous telephone
speech available in the Spoken Dutch Corpus [16].
Word-initial onsets and word-final codas were
automatically coded based on lexical form, but
codas followed by vowels were recoded as ambisyllabic (/x/: N = 378, /s/: N = 412) and excluded
from the present analysis. Additionally, speakers
with fewer than 25 tokens were excluded. This
resulted in 3,067 /x/ tokens and 2,661 /s/ tokens.
Adjacent segments to the left and right of each
fricative were coded as rounded or non-rounded.
Vowels, /u, ɔ, o, ø, y, ʏ/, diphthongs /œy, ɑu/, and
bilabial consonants /p, b, m/ were considered to be
rounded.

2.3.2. Linear discriminant analysis
The data set was not balanced enough across
contextual lip-rounding conditions to run separate
linear discriminant analyses for rounded versus
unrounded context conditions. Therefore, separate
linear discriminant analyses were run for onset (/x/:
N = 1,580, /s/: N = 1,435) and coda tokens (/x/: N =
1,436, /s/: N = 1,225) to determine contributions of
individual
acoustic
measures
to speakerclassification performance per syllabic position for
/x/ and /s/. Outliers, defined as being more than three
standard deviations removed from the mean, were
excluded. The highest correlating measures (all r >
.55) were excluded, which excluded the cubic
intercept from the dynamic CoG measure. Per
syllabic position, speakers with fewer than 10 tokens
were excluded, for /x/ resulting in 1,491 onset and
1,376 coda tokens from 50 and 48 speakers
respectively and for /s/ resulting in 1,186 onset and
1,375 coda tokens from 48 and 50 speakers
respectively. Only the first discriminant functions
that, together, explained at least 75% of the variance
were considered.

2.2. Acoustic measures

For each fricative token, the duration, spectral centre
of gravity (CoG), spectral standard deviation (SD),
and spectral tilt (Praat’s spectral tilt function with
robust fit method on a logarithmic frequency scale)
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Table 1. Fixed effects in best-fitting linear mixed-effect models for /x/ and for /s/
/x/
/s/
CoG (Hz)
SD (Hz)
duration (ms)
CoG (Hz)
duration (ms)
Effect
β SE
t
β SE
t
β SE
t
β SE
t
β SE
t
(intercept)
1728 33 51.8
679 16 43.3
91
2 42.9 2698 40 70.0 105
2 44.7
Left Context
70 16
4.4
–153 33 –4.6
–59 26 –2.2
Right Context –229 33 –6.6
49 23
2.2 –21
4 –5.5
4 –7.1
–26
Syll. Position
8 –1.1
3 –0.9
49 17
2.8 –19
3 –7.4
–9
–2
Left × Right
110 49
2.3
Left × Syll.P
–73 18 –4.1
Right × Syll.P
35
5
6.7
29
5
5.8
–108 21 –5.1
Note. Blank cells indicate that these predictors were not included in the best-fitting linear mixed-effect model.

3.3.2. Random effects

3. RESULTS

All random by-speaker intercept and slope
coefficients show speaker variation, with some
showing large differences between speakers. For
example, random by-speaker slopes for the effect of
Right Context on /x/ CoG, for which the fixed-effect
intercept was –229 Hz, show a wide range (see
Figure 1). This indicates that the effect of Right
Context rounding is speaker-specific.

3.1. Linear mixed-effect models

3.3.1. Fixed effects
For both /x/ and /s/, the estimates, standard errors,
and t-values for all fixed effects in the best-fitting
models are displayed in Table 1. Not displayed are
best-fitting models that contained an intercept only
and thus showed no significant effects, i.e. models
for /x/ spectral tilt (–28 Hz, SE = 1 Hz), /s/ spectral
tilt (–25 Hz, SE = 1 Hz), and /s/ spectral SD (626
Hz, SE = 19 Hz).
As can be seen in Table 1, for /x/, CoG shows a
decrease when Left Context (–153 Hz) or Right
Context (–229 Hz) are rounded. However, when
both Left and Right context are rounded, these
lowering effects are attenuated (110 Hz). For /s/,
Left Context rounding decreased CoG (–59 Hz) and
onsets had higher CoGs (49 Hz) than codas.
Whereas there were no significant effects for /s/
SD, /x/ SD shows an increase when Left Context (70
Hz) and Right Context (49 Hz) are rounded.
However, the significant interactions between Left
Context and Right Context with Syllabic Position
indicate that the effects of Left and Right Context
rounding are different for onsets and codas;
contextual rounding increases SD only in codas.
For duration, /x/ shows a decrease when Right
Context is rounded (–21 ms). The interaction
indicates that the effect of Right Context rounding is
different for onsets and codas; onset duration
increases and coda duration decreases as a function
of Right Context rounding. For /s/, Right Context
rounding also decreases duration (–26 ms) and
onsets are shorter (–19 ms) than codas. The
interaction between Right Context and Syllabic
Position indicates that the effect of Right Context
rounding is different for onsets and codas; onset
duration increases and coda duration decreases as a
function of Right Context rounding.

Figure 1: Caterpillar plots of random by-speaker
intercepts and slopes of the /x/ CoG model

3.2. Linear discriminant analysis

Speaker classification performances per fricative and
per Syllabic Position are displayed in Table 2.
Table 2: Cross-validated speaker classification
performance (%) and chance-level (%) per
fricative and per Syllabic Position
onset
coda
class. chance
class. chance
/x/
12.5
2.0
15.7
2.1
/s/
18.5
2.1
15.4
2.0
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After excluding measures that correlated highly with
other measures (which excluded only the cubic
intercept coefficient from our dynamic CoG
measure), all linear discriminant models included the
following set of acoustic-phonetic measures: spectral
CoG, SD, and tilt, duration, and three dynamic CoG
coefficients. Correlations between acoustic-phonetic
measures and discriminant functions express
measures’ individual contributions to classification
performance, i.e. speaker-specificity. Across
discriminant models per fricative and per syllabic
position, spectral tilt, followed by spectral SD and
CoG were the best predictors.

For /x/, codas contained slightly more speakerspecific information, whereas for /s/, onsets
contained
slightly
more
speaker-specific
information. Future research will look at possible
confounds such as word stress and morphosyntactic
status of the word the fricative occurs in to see
whether these small differences remain.
Looking at the specific acoustic measures that
contributed to speaker discrimination, a more
consistent picture emerges for /x/ and /s/; spectral
tilt, SD and CoG performed best, whereas duration
and dynamic CoG coefficients performed worst. SD
and CoG have before been shown to be relatively
well-performing speaker discriminants in English /s/
[10]. Spectral tilt, which showed no effects of
contextual lip-rounding or syllabic position for
either /x/ or /s/, performed best as a discriminant for
both fricatives.
Importantly, linear discriminant analysis shows
that both /x/ and /s/ contain speaker-specific
information, despite the limited frequency band of
our data (0.5 – 4.0 kHz telephone speech). This has
implications for forensic phonetics, where analysed
speech material is often similar to the data set
analysed here and the goal is to compare speaker
measures across recordings. The differences in
speaker classification across linguistic contexts,
however, were so small that they can have no
practical consequences for forensic speech
comparisons at this time. Especially given the often
very limited speech material in forensic casework,
this a useful result.

4. DISCUSSION
The present study investigated speaker variation as a
function of linguistic information in fricatives. To do
so, effects of syllabic position and contextual liprounding were firstly examined with linear mixedeffect models.
Previous studies have demonstrated an effect of
context lip-rounding on fricative spectra [4, 12, 14,
20, 21]. The present study, using spontaneous
speech data, was only able to confirm this effect for
/x/ and less clearly for /s/. For /x/, the effect of
anticipatory lip-rounding was larger than that of
perseverative lip-rounding, however an interaction
also shows that when both left and right context are
rounded, this lowering effect is attenuated.
Regarding the effect of syllabic position,
previous studies have reported somewhat conflicting
results. The present study finds some evidence that
fricative onsets constitute stronger articulatory
locations than codas. Spectral SD in /x/ increased
when context is rounded only in codas. This
indicates that, for /x/, codas seem less resistant to
contextual lip-rounding than onsets. For /s/, spectral
CoG in onsets was 49 Hz higher than in codas,
which indicates that onsets are stronger articulatory
locations than codas.
Although /s/ onset durations were shorter than
coda durations, the interaction between right context
rounding and syllabic position indicates that onsets
in right rounded context were longer in duration than
codas. Given that our coda tokens were sometimes
phrase final, the lack of longer durations for onset /s/
and /x/ might be confounded with phrasal position.
Future inclusion of a predictor variable for phrasal
position may confirm this.
After confirming small effects of syllabic
position on /x/ and /s/ spectra, the question remained
whether these differences interacted with speakerspecificity. Linear discriminant analysis showed no
substantial differences in speaker-classification
performance per fricative and per syllabic position.

5. CONCLUSION
The present study has found that Dutch fricatives /x/
and /s/ from spontaneous telephone speech contain
speaker-specific information, confirming findings
from non-spontaneous speech data. For both /x/ and
/s/, spectral tilt, CoG, and SD were the most
speaker-specific acoustic measures. Moreover, it
seems that speaker-specificity interacts with
linguistic information. However, differences in
speaker classification between syllabic positions
were very small and it is currently unclear whether
the different speaker-classification performances per
fricative and per syllabic position are solely due to
differences in syllabic position. Future research will
include possible confounds to test this.
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using these apps for sending audio messages which
thus more often appear as evidences in court [10].
These audio messages are characterized by higher
quality, mostly in terms of the signal bandwidth (e.g.
WeChat uses 8 kHz). This facilitates measurements
of higher formants like F4 and F5. Given that these
audio messages are often limited in duration (WeChat
allows max. 60 sec.) there is a high necessity to make
use of any information that is present in the speech
signal.
In FSC, it is commonly hypothesised that higher
formants carry more speaker-specific characteristics
compared to lower ones. The relative degree of
speaker-specific information provided by each
formant, however, is not clear-cut. Based on the
centre measurement of the German vowel /a/, Jessen
[11] found that F3 carried more speaker-specific
information than F2 and F1. Similarly, Nolan [2]
found F3 in English /r/ and /1/ to be more speakerspecific compared to F1 and F2. Using dynamic
features of /aɪ/, both McDougall [12] and Hughes [13]
found F3 outperformed F1 and F2. When F4 is
considered, the picture becomes more complicated.
For instance, Rose [7] showed the ranking of the
speaker discriminating power of formants in the
utterance hello was F2, F4, F3 and F1. Based on longterm formant (LTF) distributions (LTF1 to LTF4) of
100 male speakers of English, the results of [9]
suggested that LTF3 performed the best overall,
followed by LTF4, LTF1, and finally LTF2 in
discriminating speakers. In addition, there is a high
variability of the speaker discriminating power of
formants between different vocalic categories. For
example, Kinoshita [8] measured the centre
frequencies of F1 to F4 of five Japanese vowels and
found all F4 of /a/, /i/, /u/ and /e/ underperformed F3,
with the exception of /o/; among all formants, F2 of
/e/ was the most promising discriminator, followed by
F3 of /e/ and F2 of /i/. Using dynamic properties of
F1 to F3 of seven monophthongs in Czech, Fejlováet
al. [14] found that /i:/ and /a:/ outperformed the
remaining five vowels. For both /i:/ and /a:/, F2
carried more speaker-specific information than F1
and F3. Morrison [15] compared the dynamic features
of F1 to F3 of five diphthongs in Australian English
and found the best-performing vowel was /eɪ/

ABSTRACT
Formant characteristics are most commonly part of
forensic speaker comparison (FSC). However, only
formants F1 to F3 typically occur in evidence
material because it is mostly recorded via telephone.
Given recent technological advances in telephony
(e.g. WeChat or WhatsApp) higher formants (F4-F5)
are becoming increasingly part of evidence material.
The present study investigated the speakerdistinguishing properties of F1 to F5 of three
sustained vowels /i/, /y/ and /ɤ/ in Mandarin produced
by 20 young male speakers. Based on discriminant
analysis, for each single formant, the best predictors
were F5 for /i/ and F4 for /y/ and /ɤ/. Classification
performance varied between vowels. Inclusion of two
and three formants yielded higher classification rates
of 30−80%. The best value was provided by the
combination of F2, F4 and F5 of /ɤ/. The value and
limitations of F4 and F5 for FSC are discussed.
Keywords: speaker characteristics, vowel, higher
formant frequencies, discriminant analysis, Mandarin
1. INTRODUCTION
Formant frequencies are one of the most widely-used
parameters in forensic speaker comparison (FSC) [15]. Forensic speech evidence is often recorded via
telephone/mobile phone, so typically formants F1 to
F3 occur in the evidence material. Higher formants
usually lie outside the telephone passband (about
300−3500Hz) [6]. According to an international
survey conducted by Gold & French [5], a high
proportion of 35 expert forensic phonetic analysts
reported measuring F1, F2, and F3 (87%, 100%, 87%,
respectively) but only 17% obtained measurements of
F4 (most likely because of the limited passband). F4
analysis for non-bandlimited speech is more typically
obtained (e.g. [7-9]). No studies in FSC could be
found that analysed the speaker-distinguishing power
of F5.
In the recent past, there were rapid and striking
technological innovations in telephony, for example
the emergence of systems like WeChat, QQ,
WhatsApp and other instant messaging apps.
Currently there are increasing numbers of people
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followed by /aɪ/, /oʊ/, /ɔɪ/ and /aʊ/. This demonstrates
that speaker-specific information of formants varies
for different formants and different vowels.
The present study investigated the relative degree
of speaker-specificity of F1 to F5 in three vowels /i/,
/y/ and /ɤ/ in Mandarin. Our aims were (a) to assess
the speaker discriminating power of different
formants in different vowels and (b) to estimate the
suitability of F5 measurements for FSC. (a) was
addressed by linear discriminant analysis (LDA) and
(b) was addressed by analysing the vowels and
speakers for which F5 was obtainable.

a closed-set procedure, the effectiveness of LDA for
non-investigative FSC research was demonstrated by
a number of studies, e.g. [12, 14, 17-20].
3. RESULTS AND DISCUSSION

2. METHOD
2.1. Subjects and Materials

39 male speakers of Chinese aged 19-30 years were
recruited. The materials were eight sustained
monophthongs /a/, /o/, /ɤ/, /i/, /u/, /y/, /ɿ/ and /ʅ/. /ɿ/
and /ʅ/ are distinctive vowels in Chinese phonology
(e.g. in the words “ 姿 /tsɿ55/” and “ 知 /tʂʅ55/”),
however, they haven’t been accepted as IPA
characters yet.
2.2. Recording

A SONY ECM-44B condenser microphone was used
to record the materials in a sound-attenuated room at
Peking University (sampling rate 22 kHz). In order to
simulate the band-pass of audio message via WeChat,
all recordings for this study were resampled to 16 kHz.
Data was collected at two recording sessions
separated by about one week to one month. Within
each session, subjects were required to articulate the
eight sustained vowels for about one second twice.

We selected each vowel for each speaker, for which
F5s of the 4 repetitions were steadily obtainable. For
the 8 vowels, F5 was obtainable in the following way:
/ɤ/=29, /y/=27, /i/=26, /ɿ/=25, /u/=22, /o/=19, /ʅ/=17
and /a/=14 out of the 39 speakers. This means that in
20 speakers F5 was obtainable in the combination of
the top 3 vowels /ɤ/, /y/ and /i/. F1 to F5 of the 3
vowels of the 20 speakers (denoted S1, S2, …S20)
were hence selected for further analysis.
Figure 1 shows mean value and ±1 standard
deviation (SD) of each formant (F1-F5) for the 4
repetitions of vowel /ɤ/ produced by the 20 speakers.
The F4 mean values, which are arbitrarily chosen, are
sorted from the lowest to the highest. Differences of
formant pattern among speakers were evident: e.g. F2
of S13 and S5 are very similar, while F3, F4 and F5
differ a lot. It can be seen that, for individual formants,
between-speaker variation of F4 and F5 of /ɤ/ seem to
be larger than that of the other three. But for withinspeaker variation, F5 seems to be the largest. When
F4 increases across different speakers, only F5 seems
to follow generally. In other words, a positive
relationship between F4 and F5 of /ɤ/ can be expected.
Figure 1: Line charts for F1 to F5 of the vowel /ɤ/
of 20 speakers. Error bars are given in ±1 SD.
5000
4500
4000

2.3. Formant Measurements
Frequency (Hz)

3500

Wavesurfer [16] was chosen to extract formant values
using a LPC-based algorithm. The steady-state
segment of the vowel was chosen by hand for formant
tracking. For settings, number of formants and LPC
order were adjusted to find the most plausible formant
analysis based on visual inspection in a wide-band
spectrogram for each particular vowel. The typical
setting was 5 formants in 5 kHz signal bandwidth at
LPC order 14. For the visual inspection, four displays
of each vowel were compared on a computer screen.
Ambiguous formant tracks were excluded from the
analysis. 1248 vowel samples (39 speakers × 8
vowels × 4 repetitions) were analysed.
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Figure 2 shows the Spearman's correlation
coefficients of relationships between the three higher
formants, namely F3, F4 and F5, of each vowel as
well as the average of the three vowels (/i-y-ɤ/).
Consistent with the results displayed in Figure 1, for

2.4. Statistical Analysis

LDA was performed to assess the degree of speakerspecificity of different formants using SPSS 22.0. As
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vowel /ɤ/, F4 correlated positively with F5 (r= 0.833,
p<0.001), but not with F3 (r=0.086). For /i/, the
results were slightly different: positive correlations
were found for F3 vs. F4 (r=0.659, p<0.01), F4 vs. F5
(r=0.581, p<0.01), but not for F3 vs. F5. The results
for /y/ are very similar to those for /i/. Strong
correlation was found between F4 and F5 of the
averaged across vowels /i-y-ɤ/ (r=0.722, p<0.001) but
weak correlation between F3 and F4. For all four
conditions, the relationships between F3 and F5 are
not significant.

(above 8.8%); F2 underperforms F5, but slightly
outperforms F3; F1 achieves the lowest CR (15.0%),
which is just half of the CR of F5. For vowel /ɤ/, the
CR values were found to be in the following order:
F4>F2>F5>F1>F3. Compared to /i/ and /y/, the
differentiating values of F1, F2 and F5 of /ɤ/ are very
similar. The results suggest that the relative degree of
speaker-differentiating value of different formants of
different vowels varies markedly, which is consistent
with the findings from previous studies [8, 14, 15].
When just F1-F3 are considered, interestingly for all
three vowels, it is F2 not F3 that performs the best (cf.
[14]). Nevertheless, it is still safe to conclude that
generally higher formants tend to convey more
speaker discriminant information (e.g. [2, 3, 7, 9, 1113]). For different vowels, however, the bestperforming formant differs.

Figure 2: Bar charts for the correlation coefficients
between F3, F4 and F5 for /i/, /y/ and /ɤ/ and the
average of the three vowels /i-y-ɤ/.
* p<0.05, ** p<0.01, *** p<0.001 (all 2-tailed).

Spearman's Correlation Coefficient

1.0

***

0.9
0.8
0.7

Table 1: Classification rates (CR) for LDA based
on predictors from one, two and three formants of
/i/, /y/ and /ɤ/. NP means the number of predictors.
The largest CR for each subgroup is shown in bold.
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LDA was performed using formant frequencies as
predictors of membership of the 20 speakers (S1-S20).
Separate analyses were run for each single formant
and 20 combinations of 2 or 3 formants of each vowel
(the number of formants for combinations are less
than 4, because LDA puts a limit to the number of
predictors, which should be no more than the number
of the tokens [21], namely 4 repetitions in the present
study). The classification rates (CR) for each
discriminant analysis are summarized in Table 1. In
order to display the CR values more clearly, Figure 3
was generated (the CR values of /i/ were sorted from
the lowest to the highest). All CR values were greater
than chance level (1/20=5%).
Examining F1-F5 individually, the results suggest
that F5 of /i/ (33.8%), F4 of /y/ (38.8%) and F4 of /ɤ/
(33.8%) achieve the highest CRs and the best
predictor is F4 of /y/. Specifically, for vowel /i/, F5
performs best, followed by F2, F3, F4, and finally F1,
which is in full agreement with the findings of [8] (F5
of /i/ was not analysed in [8]). For vowel /y/, it is
unexpected that F4 performs much better than F5
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2

3

Predictors
F1
F2
F3
F4
F5
F1+F2
F1+F3
F1+F4
F1+F5
F2+F3
F2+F4
F2+F5
F3+F4
F3+F5
F4+F5
F1+F2+F3
F1+F2+F4
F1+F2+F5
F1+F3+F4
F1+F3+F5
F1+F4+F5
F2+F3+F4
F2+F3+F5
F2+F4+F5
F3+F4+F5

Classification Rate (%)
/i/
/y/
/ɤ/
16.3
15.0
25.0
30.0
23.8
27.5
22.5
22.5
20.0
17.5
38.8
33.8
30.0
26.3
33.8
53.8
45.0
47.5
37.5
30.0
36.3
52.5
52.5
58.8
47.5
42.5
50.0
51.3
48.8
45.0
52.5
57.5
58.8
50.0
52.5
58.8
41.3
61.3
48.8
41.3
42.5
41.3
52.5
56.3
66.3
60.0
58.8
65.0
71.3
68.8
72.5
66.3
72.5
73.8
61.3
66.3
72.5
62.5
53.8
65.0
63.8
72.5
73.8
61.3
70.0
71.3
72.5
67.5
76.3
71.3
77.5
80.0
56.3
76.3
70.0

Results from Table 1 also show that inclusion of 2
and 3 formants yields CR values of 30.0−80.0%. The
combination of F2, F4 and F5 of /ɤ/ outperforms all
other combination scenarios as well as individual
formants. The best combinations for /i/ and /y/ are

Figure 3: Line charts for the classification rates (CR) for LDA based on predictors from one, two and three formants
of /i/, /y/ and /ɤ/. The largest CR for each subgroup is shown in solid.
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/i/

/y/

/ɤ/

90

Classification Rate (%)

80
70
60

50
40
30
20
10
0

25 Predictors (Formants)

Our results also showed that, for some vowels of
some speakers, F5 cannot be obtained (e.g. F5 cannot
be clearly displayed on the spectrogram or be reliably
spectrally separated from F4). One plausible reason
for this is the strong anti-resonance, caused by
piriform fossa, which constantly appears in the
frequency region between 4 to 5 kHz (basically that
is the region for F5 of adult male speakers) in
spontaneously produced and sustained vowels [25].

F1+F2+F5 (73.8%) and F2+F4+F5 (77.5%),
respectively. These results are also in line with the
finding from [9, 12, 15, 17] who found that better
classification can be achieved with higher number of
predictors. A final LDA was carried out using three
of the best predictors of each vowel, namely F5 of /i/,
F4 of /y/ and F4 of /ɤ/. The CR value is 80.0%, which
indicates that no more improvement is obtained. It is
probably because of the high correlations between F5
of /i/ and F4 of /ɤ/ (r=0.605, p<0.01), and between F4
of /y/ and F4 of /ɤ/ (r=0.702, p<0.001) (F5 of /i/ and
F4 of /y/, not significant).

4. CONCLUSION

A common argument has been made that vowel
category information is largely determined by the first
two or three formants. By contrast, higher formants
(F4, F5, etc.) are always expected to be largely
independent of vowel category and carry more
speaker individualities, which was replicated in the
present study. However, the mechanisms for F4 or F5
are more complicated and relatively little investigated.
One possible interpretation is that F4 and F5 are
sensitive to the laryngeal cavity (LC) shape (when LC
is shortened, F5 and F4 increase) [22]. More recently,
Takemoto et al. [23] found that F4 was mainly
determined by the LC geometry. Another study
conducted by the same research group also found that
the shape of the hypopharynx (i.e. laryngeal tube and
piriform fossa), regardless of vowel type, showed
relatively small within-speaker variation and
relatively large between-speaker variation [24],
supporting our finding that F4 is one of the bestperforming formants.
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Overall, the results presented in this study suggest
that the higher formants, F4 and F5, exhibit more
speaker-distinguishing power than the lower ones, F1
to F3. The performance of individual formants varies
between different vowels. F4, F5 and other acousticphonetic features below 8 kHz are worth exploring
for FSC purpose based on the increasing
WeChat/WhatsApp audio message evidences. It is
important to note, however, that not all speakers
provide F5 data that is suitable for FSC. In practical
terms, it would be desirable to replicate the present
results for realistic forensic recording material
regarding speaking style and environment.
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ABSTRACT

the same tempo, and therefore it might sound faster
if manipulated to be the same duration (contrary to
the English results).
To study this, we recorded and manipulated the
durations of a number of phrases and then conducted
a perception experiment with native speakers. Although it is known that many factors correlate with
tempo (e.g. [5, 7, 14]), here we restricted attention
to syllable complexity (mora structure). Our results
confirmed the influence of mora count on speech
tempo but also indicated that tempo perception involves other factors as well.

There is evidence that perceived speech tempo in
English corresponds closely to syllable rate, while
segment rate is largely irrelevant when syllable rate
is controlled for. However, in a full fledged quantity
language such as Finnish, tempo can remain constant even though syllables of different complexity
(short or long, one or two morae) vary widely in duration. We therefore hypothesized that tempo would
also be perceived differently.
Recorded versions of 60 Finnish phrases, manipulated to control for syllable and mora rate,
were played in pairs to 57 native speakers who
judged which phrase sounded faster. Our results
show that, contrary to English, syllable complexity
(mora count) does have a clear effect on tempo perception. On the other hand, the effect of increasing
mora rate was weaker than decreasing phrase duration by the same amount, suggesting that perceived
tempo is based on several rhythmic factors instead
of mora rate alone.

2. EXPERIMENT
2.1. Stimuli

Phrases were chosen from a corpus of Finnish newspaper texts [13]. They consisted of two words, a
4 syllable adjective followed by a 3 syllable noun,
forming a grammatical noun phrase agreeing in case
and number. Phrases were chosen so that the total mora count ranged from 7 (e.g. sinisenä savuna
‘as blue smoke’) to 12 morae (e.g. seuraavista ryhmistä ‘from the following groups’). The final syllable of the adjective and the noun were always short
(one mora) for all phrases. Ten phrases were chosen
for each mora count, giving a total of 6 × 10 = 60
phrases.
Recordings were made of all phrases spoken by
one native speaker (the second author) at a comfortable rate. Fig. 1 shows the average syllable rate of
the original recorded versions for each mora count.
Although no specific procedure was used to insure
that all tokens were indeed spoken at the same rate,
we may assume this was roughly the case. This figure suggests that, in production at least, syllable rate
alone is not the best indicator of tempo—as the number of morae increases in these phrases containing
seven syllables the total duration also increases on
average so that syllable rate declines.
Each recorded phrase was used to make two stimuli by uniformly manipulating the duration in Praat
[4]. One stimulus was produced with 5 syllables per
second, the other with 6 syllables per second (com-

Keywords: speech tempo, Finnish, syllable rate,
mora
1. INTRODUCTION
Responding to earlier studies on speech tempo but
criticizing their use of syllable and segment rates as
a simple proxy for speech tempo, Plug & Smith [10]
have shown with manipulated samples that when
subjects judge which of two English utterances is
faster, syllable rate matters but segment rate doesn’t.
We extend this research to Finnish. Like English,
Finnish allows a wide variety of syllable complexity, but it is also a full fledged quantity language
and hence there are bound to be differences. While
segment rate is not expected to be very important,
there are reasons to expect that mora rate will be
[1, 9], and of course adding morae entails adding
segments as well. For instance one would expect a
4 syllable, 8 mora word such as huo.les.tut.taa ‘disconcerts’ to be longer than the 4 syllable, 4 mora
word such as hy.ti.se.vä ‘shivering’ when spoken at
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average syllable rate (Hz)

rate increases upward, while mora rate increases to
the right. Straight solid arrows indicate control pairs
differing in duration, but with identical numbers of
morae. These are expected to show a clear difference
in responses. Curved arrows indicate pairings with
constant duration but varying numbers of morae.
Because all stimuli have seven syllables, if syllable
rate is the sole determinant of perceived tempo, responses to these pairs should be close to guessing
(50%). Dashed arrows indicate pairings which differ in both duration (syllable rate) and in number of
morae. Responses to these pairs should shed light on
the relative influence of the two rates on perceived
tempo.
Each run of the perception experiment used all
phrases once (no repetitions) in pairs, giving 60/2 =
30 judgments of whether the first or second phrase
was spoken faster. Order of presentation of the pairs
was completely randomized for each run and individual stimuli were randomly allocated to appropriate pairs according to stimulus type (duration and
mora count). Each test pair in a run was preceded
by a 3 second silence followed by a short piano
like sound alerting the listener to the upcoming pair,
followed by 1 second of silence. The two phrases
in each pair were separated by 600 ms of silence
(cf. [11]).

6.5
6.0
5.5
5.0
4.5
7

8

9

10

11

12

number of morae in phrase
Figure 1: Average syllable rates for original
recorded phrases

syllable (word, phrase) rate

pare the dashed lines in Fig. 1). This difference (ratio 6/5 = 1.2) was expected to be well above the
perceptual threshold for tempo changes (cf. [11]).
Following the procedure of [12] (see also references therein), C/V boundaries at the beginning (tb )
and end of the phrase (te ) were used as alignment
points for rate manipulation. In the case of voiceless stops the alignment point was set to the onset of voicing after release, which for these tokens
was close to the value obtained by the algorithm of
[12]. The interval from tb to te thus encompassed 6
syllables and a single Duration point was set in a
Praat Manipulation object equal to (6/5)/(te − tb )
to achieve 5 syll/s, and equal to (6/6)/(te − tb ) to
achieve 6 syll/s. F0 was set for all stimuli to 135 Hz
at tb with linear interpolation to 100 Hz at te .

2.3. Subjects

Subjects were 57 native speakers of Finnish residing in the vicinity of Tampere at the time of testing,
but coming originally from several areas of Finland.
Their ages ranged from 18 to 61 years (median 23).
2.4. Statistical Analysis

7

7

8

8

9

9

10

11

12

10

11

12

Responses were tabulated and analyzed using a
Bayesian logistic regression model, in particular, a
form of the so called ideal point or item response
model [6, pp. 314–320], [2].
In a general ideal point model, probability of each
binary response is modeled on the logit scale as the
difference between two opposing sets of coefficients
(latent ideal points), for instance political inclination
of politicians vs. political issues, or individual abilities vs. difficulty of test items. In the present case the
responses are judgments that the second phrase was
faster, and probability is modeled on the logit scale
as the difference in latent tempo (βi ) of the second
and the first phrase. Thus this a restricted form of
the general model (also known as a Bradley-Terry
model) in which the “ideal points” for differencing
come from the same continuum. Because some subjects may be more sensitive than others to any given

mora rate

Figure 2: Stimulus pair structure
2.2. Perception test

Pairings used in the experiment (both orders in all
cases) are indicated by the arrows in Fig. 2. Numbers
in this diagram refer to the number of morae (7–12)
in the phrase, circles indicate a rate of 5 syllables/s
whereas squares indicate 6 syllables/s. Thus syllable
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Figure 3: Estimated standard deviations of effects
(posterior median, 50% CI & 95% CI)
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mora rate ratio
tempo difference, the model also includes a sensitivity parameter γ j allowed to vary by subject. In addition, because there may be a bias for perceiving
the second phrase faster (or slower) regardless of the
phrases presented, the model includes a subject specific bias parameter δ j (see eq. 1).

Figure 5: Posterior probabilities of judgments for
constant duration pairs based on mora rate ratio
(raw pooled proportions shown with dashed lines)

3. RESULTS
3.1. General sensitivity to tempo change

(1) logit(p j,a,b ) = γ j (βb − βa ) + δ j

As expected, our subjects were quite sensitive to the
durational change of 5 to 6 syllables per second with
mora count held constant (cf. straight solid arrows in
Fig. 2): the DUR effect is clearly nonzero in Fig. 3.
The size of this effect is approximately ±1.3 on the
logit scale, (SD approx. 1.86 in Fig. 3; difference
approx. 2.62 between the 2 series in Fig. 4), corresponding to a change from about 6.8 % to 93.2 %
“faster” judgments.
There was clear indication of variation in tempo
sensitivity among subjects. Several subjects performed much better than the overall average on
the control stimulus pairs. Five subjects out of the
57 tested were relatively insensitive to the duration
change (posterior median log(γ j ) < −1).

MORA ×phrase

βk = βkDUR + βkMORA + βk

(2)

Latent tempo itself is modeled as a linear combination of factors including total duration (syllable rate, DUR), mora count (MORA), and the effect of different phrases with the same mora count
(MORA×phrase). Note that all parameters in this
model are not uniquely determined [6]. In particular, adding any constant to all βk will leave results
unaltered (differences will remain the same), as will
dividing all γ j by any constant and multiplying all
βk by the same constant. Additional restrictions are
therefore imposed: ∑ βi = 0, ∏ γ j = 1, γ j > 0.

perceived tempo (logit)

3.2. Mora count
3
2

As hypothesized, mora count had a very clear effect on perceived tempo: the MORA effect is clearly
nonzero in Fig. 3. The effect is also clear in Fig. 5
showing response probabilities for pairs with constant duration (curved arrows in Fig. 2; cf. Plug &
Smith’s Fig. 4 for English). To get a better idea of
the form of this effect, the overall variance due to
mora count was divided into a linear trend and a
residual nonlinearity (cf. Fig. 3). The linear trend of
the mora count effect is also clearly nonzero. The
posterior probability that this linear trend is positive
(i.e. that mora count increases perceived tempo) is
p > 0.9999. While the magnitude of the nonlinearity
remains unclear, it would also appear to be nonzero.
This may be due primarily to phrase pairs with 9

6 syll/s

1
0
-1

5 syll/s

-2
-3
7

8

9

10

11

12

number of morae in phrase
Figure 4: Estimated average latent perceived
tempo (95% CI and median for linear effect alone
indicated by gray areas and dashed lines)
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If there is no coupled mora oscillator in the COM,
natural reference durations would be constant for the
phrases used here (since all other counts are constant, 1 phrase, 2 words, 7 syllables, etc.), so that
stimulus duration would have an effect but mora
count would not (all βkMORA = 0). On the other hand
if a mora oscillator is completely dominant, reference duration would be just a multiple of mora
count, so the difference between the two duration series (ratio 5/6) should be equal to the difference between phrases of equal duration with a 5/6 mora ratio, e.g. 10 morae vs. 12 morae. More generally, the
COM postulates that several rhythms may synchronize, in which case a compromise is predicted (see
[8] for overview). If mora rhythm and other rhythms
coexist, the COM model predicts that the perceived
tempo difference from 10 to 12 morae at constant
duration should be positive, but less than the tempo
difference for 5 to 6 syll/s with constant mora count.
This is indeed the case, as can be seen in Fig. 4.

vs. 10 morae being difficult for listeners to distinguish. An experimental design including a wider variety of pairs, such as 8 vs. 9 or 10 vs. 11 mora
phrases might shed more light on this question.
Another way of judging the MORA effect is to
compare opposite ends of the stimulus series. The
posterior probability that phrases with 12 morae are
perceived as faster than phrases with 7 morae (duration and syllable rate held constant) is p > 0.9999.
The magnitude of this difference is approximately
2.51 on the logit scale (cf. the difference between 7
mora and 12 mora phrases in Fig. 4), corresponding to a change from about 7.5 % to 92.5 % “faster”
judgments (cf. Fig. 5).
3.3. Other factors

Order bias (δ j in eq. 1) was so small that it was not
clear whether it favored the first or the second phrase
in comparisons. The posterior probability that the
second phrase was favored overall was p = 0.3827,
and subject based variation in bias was also very
small. This contrasts with the results of [10], which
showed a slight bias in favor of hearing the second
phrase faster.
There was a clear indication that phrases with the
same mora count varied in their perceived tempo
(standard deviation of the MORA×phrase effect was
nonzero, cf. Fig. 3). These differences in perception
may be related to several differences in phrases that
were not controlled for, such as intrinsic durations,
type and location of “extra” morae (long vowel, long
consonant, diphthong, consonant cluster). For instance, mora count of the second word may have had
a greater influence than mora count of the first word.

5. CONCLUSIONS
In general, the effect of increasing mora count from
7 to 12 morae in a 7 syllable phrase of constant duration is about the same as reducing phrase duration by a factor of 1.2 (from 1400 ms to 1167 ms)
keeping mora count constant. Put another way, a 7
mora phrase at 6 syllables per second is perceived
as roughly equal in tempo to a 12 mora phrase at 5
syllables per second ( 7 and 12 in Figure 2).
It is clear that mora count (or segment count,
which is confounded with mora count in the present
experiment) does influence tempo perception in
Finnish. This contrasts sharply with the results cited
above for English. It is equally clear that mora rate
on its own cannot completely account for Finnish
tempo perception: there would appear to be other
additional rhythms which also come into play. The
present experiment was not designed to indicate
whether this includes, for example, syllable rate,
word rate, phrase rate, or indeed some combination
of these. Previous studies have pointed to Finnish
having strong rhythmic components at least at the
mora and phrase levels [9, 8].
Of course, for purposes of cross-linguistic comparison, using syllable rate as a proxy for speech
tempo may still be a good strategy, even if some
other rhythm such as mora rhythm dominates in
some language(s), because other rhythms will on average have a strong correlation with syllable rate.
However, it should be kept in mind, that this procedure may produce results that are less accurate for
some languages than for others.

4. DISCUSSION
The results indicate that mora count has a clear effect on tempo perception, but also that tempo is
not just a function of mora rate per se. One type
of model for speech rhythm which allows this type
of “rhythmic compromise” is the coupled oscillator
model (COM, [3, 8]).
In general the COM predicts that natural (equilibrium) duration for some unit should be a linear function of the number of units (or oscillator cycles, with
ni cycles for oscillators i = 1 to K) included within
it: T = c1 n1 + · · · + cK nK [8]. Probability of phrase b
sounding faster than phrase a should be a (logistic)
function of the ratios (Q) of the phrase durations to
their reference (natural, expected) durations.
(3) logit(p j,a,b ) = G j log(Qb /Qa )
Qk = Tk /Tk0 ,

k = a, b
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However, assessing whether listeners’ tempo
judgements are most closely correlated with
canonical or surface rates is of both practical and
theoretical interest. While evidence for ‘phoneme
restoration’—listeners thinking they heard sounds
that are masked or absent altogether in the signal—is
robust [e.g. 11, 12, 13], it remains unclear whether
this has an impact beyond word recognition.
Assessing the impact of deletions on tempo
perception [14] is a way of addressing this.
To date, two studies have explicitly attempted this
assessment [5, 15]. In [15], a German utterance was
produced at normal tempo, with few deletions, and at
fast tempo with deletions. Both productions were
manipulated to create a ‘normal rate’ version with
deletions and a ‘fast rate’ one without. Listeners heard
little difference between utterance versions with the
same surface rate. In [5], German utterances were
binned on the basis of phone rate measurements. Bins
included ‘fast-clear’ (high rate, similar canonical and
surface rates), ‘normal-sloppy’ (average rate,
divergence between canonical and surface rates), and
so on. Listeners judged pairs of utterances, selected
across bins: ‘fast-clear’~‘fast-sloppy’, ‘fastclear’~‘normal-clear’ and so on. Results suggested
that listeners do perceive tempo differences between
utterances with similar surface but different canonical
rates: consistent with phoneme restoration, some
‘sloppy’ utterances were perceived as faster than
‘clear’ ones despite similar surface rates. However,
global tempo modulated this result: listeners were
more consistent in perceiving difference when the
utterances were both relatively fast. In the study we
report on here, we aimed to build on [5, 15], focusing
on English.

ABSTRACT
Studies that quantify speech tempo tend to use one of
various available rate measures. The relationship
between these measures and perceived tempo as
elicited through listening experiments remains poorly
understood. We assess how canonical and surface
syllable and phone rates compare in terms of their
mapping to listeners’ tempo ratings. Native speakers
of English rated short stretches of spontaneous speech
for tempo; we modelled ratings for stimulus samples
in which correlations between canonical and surface
rates were low. Our findings suggest that listeners’
ratings map most straightforwardly to canonical rate
for syllables, but to surface rates for phones. We find
little evidence of global tempo affecting the
mappings, and consistent effects of stimulus duration.
We discuss implications for the role of phoneme
restoration in temporal processing.
Keywords: phonetics, speech perception, tempo,
phoneme restoration, English
1. INTRODUCTION
Studies that quantify speech tempo through signalbased measurements tend to use one of various
available measures. Researchers choose what to count
[1, 2], what domains to count in [3, 4], and whether
to count units as observed in their data, or as expected
in canonical pronunciations [5, 6]. The corresponding
measures may yield different figures for subsets of
instances; however, few studies have investigated
how closely the outputs of available measures are
correlated, and how closely they map onto perceived
tempo ratings elicited through listening experiments
[7]. In this paper we focus on the relationship between
syllable and phone rates on the one hand and
listeners’ tempo ratings on the other, implementing
both rates in two ways: counting canonical units
(‘canonical rate’), and surface units (‘surface rate’).
Few studies have directly compared canonical and
surface rates: for example, in [8-10], syllable and
phone rates were calculated on the basis of either
canonical or surface unit counts. [6] includes both
canonical and surface rates, but it was ‘impossible to
decide for the best-fitting measure’.

2. METHOD
2.1. Stimuli

We selected stimuli from a set of 920 ‘memory
stretches’ extracted from the DyVIS corpus [16] by
[17], produced by 30 male Standard Southern British
English speakers aged 18–25. Mean stretch duration
is 1.5 sec (range 0.5–2.7). We used WebMAUS [18]
for segmentation, with a protocol for correcting
substantive misparsings and under-identifications of
phone deletion in frequent words. We derived
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presented together on one screen in the form of a
vertical line of coloured dots in the centre of the
screen. When the participant clicked on a dot, an
orthographic transcription of the stimulus appeared
on the screen, and the corresponding audio played
(over headphones). The participant’s task was to
move each dot along a horizontal reference line to
reflect its perceived tempo. Vertical gridlines and the
labels ‘Slowest, Slower, Average, Faster, Fastest’
aided orientation. Stimuli appeared in the same order
for all participants. Participants could listen to stimuli
repeatedly.

canonical and surface syllable rates (CSR, SSR) and
phone rates (CPR, SPR) from the output segmentations.
As the four rates were very highly inter-correlated
(r=0.84–0.91), selecting stretches that would allow
for a meaningful comparison of the rates’ mappings
to perceptual tempo ratings was a methodological
challenge. We selected three sets of 60 stimuli, each
optimized for comparing two specific rate measures:
(1) CSR~SSR; (2) CPR~SPR; (3) SSR~SPR. To create
each set, we first inspected a scatterplot of the two
(log) rates in all 920 stretches, as in Figure 1 for
CPR~SPR. Here, points on the diagonal line have
identical canonical and surface values; points below
have varying amounts of deletion. For each rate, we
identified the 10–20%, 45–55% and 80–90% quantile
ranges to represent slow, medium and fast rates
respectively. Within each of these, we selected 10
data points that were as widely dispersed in the
‘comparison’ rate’s range as possible, and including
one point with identical values for the two rates (i.e.
no deletion). For Figure 1, this procedure yields 30
stimuli that are minimally variable in CPR but
maximally variable in SPR (10 low CPR, 10 mid, 10
high: black dots) and 30 stimuli that are minimally
variable in SPR but maximally variable in CPR (10
low, 10 mid, 10 high: triangles). We followed these
steps for comparisons (1), (2) and (3) in turn. We
anticipated that the subsets of stimuli within which
variation was minimized on one rate but maximized
on another would allow for meaningful comparisons
of mappings to perceptual ratings. Moreover,
sampling at low, mid and high rates might allow us to
assess the impact of global tempo on the relationship
between the alternative measured rates.

2.3. Participants and production tasks

36 monolingual native English speakers (31 female;
aged 18–36) were recruited at Leeds. All reported
normal hearing, and all received payment.
As tempo perceptions might be informed by
listeners’ production tendencies [20], participants
completed three tasks adopted from prior studies. In
the first (e.g. [21]), participants repeated /pa/ at a
‘comfortable rate’ for 10 seconds. In the second (e.g.
[20]), participants were presented with five sentences
(from the Rainbow passage [22]) in turn. They
memorized each sentence, then tapped the space bar
to reveal a blank screen and produced the sentence
(see [23]). In the third task (e.g. [24]), participants
tapped the index finger of their dominant hand on a
laptop touchpad for 20 seconds at a ‘comfortable
rate’. We extracted /pa/ rates, canonical syllable rates
and tap rates per second.
2.4. Analysis methods

Dot placements were extracted as ratings on a scale
between –500 and 500, with 0 corresponding to the
dot’s original position and a perception of ‘average
speed’, –500 meaning maximally slow and 500
meaning maximally fast. We analysed the ratings
through fitting linear mixed effects models using the
lme4 package [25] in R [26]. Participant identities
were treated as random intercepts. We report models
with raw rate values; log rates revealed the same
patterns. We focus on the canonical vs surface
comparisons (CSR~SSR, CPR~SPR). To make the
relevant analysis samples as large as possible, we
pooled stimuli from the total stimulus set (N=180)
that fell within relevant quantile ranges. We excluded
stimuli with identical canonical and surface rate
values and narrowed quantile ranges where relevant
to keep correlations in the smallest relevant subsets
below r=0.30 to ensure we could treat canonical and
surface rates as orthogonal. The samples are shown in
Figure 2; smallest relevant subsets are labelled ‘low’,
‘mid’ and ‘high’.

Figure 1: Scatterplot for CPR~SPR, with quantile
ranges; black dots and triangles are selected stimuli

2.2. Tempo rating task

We elicited perceptual tempo ratings using an onscreen interface similar to that of [8], implemented in
PsychoPy2 [19]. The stimuli in each set of 60 were
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procedure. The optimal model for the ‘low’ subset
(N=540) has effects for screen, screen position and
log duration (β=–97.26, se=13.85, |t|=7.02); neither
rate improves model fit. The optimal model for the
‘mid’ subset (N=432) has effects for screen, log
duration (β=–33.62, se=13.28, |t|=2.53) and SSR (β=
–34.03, se=10.16, |t|=3.34); note that the effect of SSR
is negative. The optimal model for the ‘high’ subset
(N=324) has effects for log duration (β=–72.46,
se=17.74, |t|=4.08) and CSR (β=337.28, se=98.62,
|t|=3.42); SSR is non-significant added instead of CSR.
In sum, sample A provides little evidence of SSR
being informative in modelling ratings; the evidence
we do find points towards stimuli with more deletions
sounding faster―in effect, orientation to canonical
rate. We also find evidence for CSR being
informative, despite its low variability.

Figure 2: Analysis samples for CSR~SSR
(A: variable SSR, B: variable CSR) and CPR~SPR
(C: variable SPR, D: variable CPR); dashed lines
mark equivalence of the two rates
A

B

C

D

3.2. Sample B (CSR~SSR)

3. RESULTS

In sample B, CSR is variable; SSR is relatively stable.
Higher CSR values reflect more syllable deletions.
As above, we modelled ratings across the sample
(N=1296), including SSR quantile range as a factor.
The optimal model has effects for quantile range,
screen, position, log duration (β=–43.12, se=8.42,
|t|=5.12) and CSR (β=38.52, se=6.72, |t|=5.73).
Including SSR instead of CSR results in significantly
poorer fit. The optimal model for the ‘low’ subset
(N=396) has fixed effects for log duration (β=
–101.91, se=16.96, |t|=6.00) and SSR (β=494.00,
se=156.76, |t|=3.151). CSR is also significant instead
of SSR (β=39.20, se=19.13, |t|=2.05), but the resulting
model has poorer fit. The optimal model for the ‘mid’
subset (N=396) has effects for screen and CSR
(β=73.65, se=13.48, |t|=5.46). SSR is non-significant
when added instead of CSR. The optimal model for the
‘high’ subset (N=504) has effects for screen, position
and CSR (β=69.08, se=10.24, |t|=6.75). Adding SSR
instead of CSR results in significantly poorer fit.
In sum, sample B provides clear evidence of CSR
being informative in modelling ratings, although SSR
shows some significance too. The effects of CSR are
all positive, consistent with listeners hearing stimuli
with more syllable deletions as faster.

We found the overall distribution of ratings
(N=36×180=6480) to be close to symmetrical with a
large majority (85%) between –200 and 200.
Participants varied in how widely they dispersed their
ratings. Below we present results for analysis samples
A, B, C and D in turn. Our approach was to fit a base
model with a random intercept for participant; then
assess the relevance of control variables (production
measures, screen, screen position, stimulus duration)
as fixed effects, keeping only those that significantly
contributed to model fit; then assess whether the
relevant rate variables improved model fit further. In
the last step, we first checked whether the rate that
varied most widely in the stimulus sample improved
model fit, and then compared the fit of the resulting
model to that of a model containing the more stable
rate instead. In what follows we list coefficients for
significant duration and rate effects only (p<0.05).
3.1. Sample A (CSR~SSR)

In sample A, SSR is variable; CSR is relatively stable.
Lower SSR values reflect more syllable deletions.
We modelled ratings across the sample (N=1296),
including CSR quantile range (‘low’, ‘mid’, ‘high’) as
a factor to minimize the potential effect of CSR. The
optimal model has effects for quantile range, position,
log duration (β=–70.33, se=7.87, |t|=8.9: longer
stimuli are rated slower) and CSR (β=136.85,
se=38.16, |t|=3.59: stimuli with higher CSR are rated
faster even when quantile range is accounted for).
Including SSR instead of CSR results in poorer model
fit, and the effect of SSR is negative (β=–29.37,
se=9.39, |t|=3.13): stimuli with more syllable
deletions were rated faster. We modelled ratings
within the quantile ranges following the same

3.3. Sample C (CPR~SPR)

In sample C, SPR is variable; CPR is relatively stable.
Lower SPR values reflect more phone deletions.
As above, we modelled ratings across the sample
(N=1908) with CPR quantile range as a factor. The
optimal model has effects for quantile range, screen,
log duration (β=–78.24, se=6.05, |t|=12.93) and SPR
(β=11.01, se=2.26, |t|=4.87). CPR is non-significant
when added instead of SPR. The optimal model for the
‘low’ subset (N=504) has effects for screen, log
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and SPR in modelling A responses, and CSR and SSR
in modelling D responses. Unfortunately, our design
does not allow for these comparisons, as in sample A,
CPR and SPR are correlated at r=0.84, and in sample
D, CSR and SSR are correlated at r=0.90.

duration (β=–43.85, se=15.13, |t|=2.90) and SPR
(β=41.27, se=9.10, |t|=4.54). CPR is significant added
instead of SPR (β=53.54, se=23.88, |t|=2.24), but the
resulting model has poorer fit. The optimal model for
the ‘mid’ subset (N=504) has effects for screen, log
duration (β=–88.95, se=13.57, |t|=6.56) and CPR
(β=148.70, se=41.82, |t|=3.56). SPR is non-significant
added instead of CPR. The optimal model for the
‘high’ subset (N=900) has effects for screen, log
duration (β=–63.63, se=8.19, |t|=7.77) and SSR
(β=10.13, se=2.65, |t|=3.82). CPR is non-significant
added instead of SPR.
In sum, sample C provides clear evidence of SPR
being informative in modelling ratings, although CPR
shows some significance too. The effects of SPR are
all positive, consistent with listeners hearing stimuli
with fewer phone deletions as faster.

4. DISCUSSION
In this study we set out to assess whether listeners’
tempo judgements are most closely correlated with
canonical or surface rates, for both syllables and
phones. Our sampling and analysis methods have
revealed a complex picture. For syllables, canonical
rate maps most closely to listeners’ tempo ratings.
Stimuli with syllable deletions were rated faster than
their surface syllable rate predicted. This can be taken
as evidence for listeners restoring missing syllables in
making tempo judgements, in line with [5]. For
phones, however, surface rate maps most closely to
listeners’ tempo ratings: stimuli with phone deletions
were rated slower than their canonical segment rate
predicted. This provides no evidence for listeners
restoring missing phonemes, in line with [15]. Of
course, syllable deletions entail phone deletions,
while phone deletions do not entail syllable deletions.
Assuming our results are robust, listeners might
ignore phone deletions in assessing the tempo of an
utterance with all canonical syllables realized, while
counting any missing syllables. This would mean that
phone deletions become consequential for tempo
perception when they contribute to syllable deletions.
This hypothesis is worth testing in future work.
Our modelling within low, mid and high rate
ranges has revealed that the patterns summarized
above are mostly consistent across subsamples. In
sample A, SSR outperforming CSR in the ‘low’ range
might suggest, in line with [5], that listeners restore
missing syllables more when processing speech at
rates that are normally associated with regular
syllable deletion. In sample C, CPR outperforming SPR
in the ‘mid’ subset is difficult to account for.
Finally, in line with [5] our analysis revealed no
evidence of participants’ performance in production
tasks co-varying with tempo ratings. We did observe
a negative effect of stimulus duration in most analysis
samples: listeners heard longer stimuli as slower
independent of measured rates. This raises interesting
questions about window size in listeners’ online
temporal processing [8], and warrants studies in
which stimulus duration is varied while rates are
controlled.

3.4. Sample D (CPR~SPR)

In sample D, CPR is variable; SPR is relatively stable.
Higher CPR values reflect more phone deletions.
As above, we modelled ratings across the sample
(N=2160) with SPR quantile range as a factor. The
optimal model has effects for quantile range, screen,
position, log duration (β=–69.51, se=6.28, |t|=11.07)
and SPR (β=142.32, se=22.43, |t|=6.35). CPR is nonsignificant added instead of SPR. The optimal model
for the ‘low’ subset (N=756) has effects for screen,
log duration (β=–59.71, se=13.19, |t|=4.53) and SPR
(β=78.86, se=39.39, |t|=2.00). CPR is non-significant
added instead of SPR. The optimal model for the ‘mid’
subset (N=720) has effects for screen, log duration
(β=–93.29, se=9.70, |t|=9.61) and CPR (β=268.62,
se=30.57, |t|=8.78). CPR is significant added instead
of CPR (β=–9.75, se=4.92, |t|=1.98), but its effect is
both very weak and negative, suggesting that stimuli
with more phone deletions were rated as slower. The
optimal model for the ‘high’ subset (N=684) has
effects for position, log duration (β=46.27, se=9.94,
|t|=4.65) and CPR (β=–19.60, se=4.31, |t|=4.54), again
suggesting that stimuli with more phone deletions
were rated as slower. SSR is non-significant added
instead of CPR.
In sum, the evidence that we find of CPR being
informative in modelling ratings for this sample
points towards stimuli with more deletions sounding
faster―in effect, orientation to surface rate. We also
find evidence for SPR being informative, despite its
low variability. The latter is consistent with the
effects of SPR in modelling sample C ratings.
3.5. Further modelling
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ABSTRACT

emotional reward, quite different from the
communicative function of speech [3,24,25]. It is thus
predicted that there is a higher demand on attentional
resources during music perception as compared with
speech perception, a hypothesis which is supported
by fMRI research showing enhanced activation in the
same brain regions in response to speech perceived as
song versus that perceived simply as speech [33].
Furthermore, a body of recent work shows that the
different level of attentional detail required in music
may have consequences for speech processing, as
individuals with musical training have been found to
have enhanced speech perception abilities [5,21,22],
and music-based intervention methods have been
shown to positively impact speech development in
individuals with a variety of speech and language
disorders [10,34].
So far, temporal processing across the domains of
speech and music has received relatively less
attention than studies on pitch and melody. This is in
spite of the fact that much recent work has focused on
the role of neural entrainment to temporal regularities
in the speech signal and its role in language
perception, acquisition, and rehabilitation [10,11,26].
The present study aims to fill this gap by exploring
how temporal expectations may vary across more and
less musical contexts. Specifically, we ask whether
listeners, regardless of music experience, show more
fine-grained temporal predictions for speech when
presented in a more musical context (following a
drumbeat) versus in a speech context.

Speech and music share the property of being
organized into hierarchical units which influence
aspects of their timing and perception. A key
difference is found in the specific timing patterns
found in language and music, however, in that the
latter generally shows a much stricter adherence to
rhythmic regularity. The higher level of precision in
processing of temporal and melodic events in music
has been hypothesized to be a key factor in explaining
how musical experience can lead to enhanced speech
processing [24]. Consistent with this hypothesis, we
show that perception of speech in the context of
musical beats is more adversely affected by
contextual rhythmic irregularities than is speech in
the context of other nonsense speech sounds or within
a cohesive phrase. In some phrasal contexts, temporal
irregularities are in fact found to be beneficial for
perception.
Keywords: Rhythm, timing, speech perception,
metrical structure, music
1. INTRODUCTION
Speech and music share many phonetic and structural
attributes, including use of pitch and timing patterns
to signal grouping of hierarchically-organized phrasal
units [3]. From a perceptual standpoint, performance
in both domains is also demonstrated to rely on the
performer/listener’s ability to use preceding timing
patterns to predict upcoming events [14,17,27,29,
30]. For example, it is shown that listeners/performers
are attuned to temporal regularities in the signal and
use these regularities to predict the location of
upcoming beats or syllables [14,27]. Timing patterns
across the two domains are often quite different,
however: while spoken language may in some
instances display evidence of relative periodicity in
the timing of syllables or stress feet [8,12], overall,
crosslinguistic patterns of speech timing indicate
relatively little evidence for periodicity in speech
[20], whereas it is quite common to find such
periodicities in many types of music [7]. It has been
argued that the relatively higher level of melodic and
temporal precision found in music is attributable to its
function as a medium for joint action and as source of

2. METHOD
The experiment consisted of various sets of stimuli in
which three context beats or syllables were played
before one of two target words. The goal of the task
was to identify the target word as soon as possible. In
the DRUMBEAT condition (Fig. 1a,b), the three
context beats were created using the Risset Drum
synthetic beat in Audacity [1] software, v2.1.2. The
drum beats were modified to have a 300 second
duration/decay and a center frequency of 120 Hz.
Width of the noise band was set to 1000 Hz. Three of
these beats were presented such that the duration
between beat onsets was 400 milliseconds. The target
word (either pack or mop), recorded by a male native
speaker of English, was then positioned such that the
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onset of its vowel (a close approximation to the
word’s ‘p-center’ [18,31]) was another 400 ms from
the onset of the final drumbeat. In the SYLLABLE
condition (Fig. 1c), a nonsense syllable ta was
recorded by the same speaker whose total duration
was 300 ms (with a vowel duration of 200 ms). This
syllable was chosen due to its sound-symbolic nature,
as it is frequently used in western musical tradition
for mimicking a drumbeat or metronome (as in, for
example, the Kodály method [6]). As with all speech
conditions, F0 of the vowel of the context syllables
was flattened to 120 Hz, the speaker’s average F0 for
the recorded utterances, using the Pitch-Synchronous
Overlap-and-Add (PSOLA) algorithm in Praat [4].1
Additionally, for all speech conditions, consecutive
context syllables and the target word were positioned
such that their respective vowel onsets/p-centers were
400 ms apart. In the SENTENCE condition (Fig. 1e),
the three context syllables constituted a cohesive
phrase, Tell Ted tap… The phrase was spoken
naturally by the speaker and therefore displayed some
variability in syllable duration, though all three words
were close to 330 ms in duration. Sonorous portions
of the rhyme for the three words were 300 ms, 170
ms, and 150 ms, respectively. In the
SENTENCE_PWORD_INTERNAL condition (Fig. 1f),
stimuli again formed a sentence, this time with the
second two syllables replaced with two function
words for Tell him to…, which together form a single
prosodic word [32] or clitic group [19]. Again,
syllables varied in duration, with an average duration
of around 310 ms and sonorous rhyme durations of
300 ms, 240 ms, and 150 ms. Finally, two additional
conditions were incorporated in order to mimic the
durational and spectral variability of the two sentence
conditions within the context of nonsense syllables.
The SYLL_DURATION_VARIED involved the same
syllable ta as in the SYLLABLE condition, but with its
duration manipulated to vary from 300 ms, to 200 ms,
to 150 ms. Finally, the SYLL_VOWEL_VARIED
condition (Fig. 1d) consisted of of the syllables ta ti
tə, again with durations manipulated to 300 ms, 200
ms, and 150 ms on successive syllables. Stimulus
amplitudes were normalized to 65 Hz.

Figure 1: Annotated acoustic signals for the
isochronous drumbeat (a), syllable (c), syllablevowel varied (d), sentence (e), & sentence-pword
internal (f) conditions, and drumbeat condition with
100 ms deviation, short-long (b). Arrows indicate
duration between p-centers used for isochrony/
deviation calculation in drum and speech conditions.
400 ms
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*beat*
350 ms

b.

*beat*

400 ms

*beat*
450 ms

*beat*
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*beat*

pack
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2.1 Isochrony Manipulation
For all stimulus conditions, four additional
manipulations were carried out such that the resulting
stimulus strings were made increasingly (though
subtly) less isochronous (or temporally regular) by
removing either 25 or 50 ms of silence from between
the first two beats/syllables and adding it to the silent
portion between the second and third beats/syllables
(the SHORT-LONG condition) or the reverse: removing

f.

633

Tell

silence from between the second two beats and
adding it to the silence between the first two beats (the
LONG-SHORT condition). Thus, the resulting
sequences had either a 50 ms or a 100 ms difference
in duration (or ‘deviation’) between the first pair and
the second pair of syllables. These manipulations
resulted in five different possible rhythmic variations:
0 ms change; short-long with 50 ms difference; shortlong with 100 ms difference; long-short with 50 ms
difference; long-short with 100 ms difference. Two
untrained listeners rated the forms with the 100 ms
deviations as sounding the most arrhythmic, and
those with 50 ms deviations as sounding slightly less
rhythmic than the unaltered forms.
All of these manipulations resulted in a 6
(context) x 5 (rhythm manipulation) x 2 (target word)
design, for a total of 60 distinct stimuli. The
experiment was blocked by context, with blocks
presented in random order; each block included 6
repetitions of each stimulus for a total of 360 stimuli
heard during the course of the experiment.

3. RESULTS
Three participants’ data were removed from the
dataset as their reaction times were more than 2
standard deviations above the mean, indicating they
were likely not adhering to the instruction to respond
as quickly as they could. For the remaining subjects,
data was modelled using linear mixed effects models
with the lmer package [2] for R statistical software
[28]. The full model included categorical fixed effects
of CONTEXT (6 levels; see Fig. 1), DEVIATION (3
levels: 0, 50 ms, 100 ms), DIRECTION (2 levels: longshort or short-long), and MUSIC EXPERIENCE (2
levels: yes or no), as well as TRIAL ORDER, coded as
a continuous variable and mean-centered. Factors
CONTEXT and DEVIATION were treatment-coded, with
reference levels set to the drumbeat condition and the
0 ms deviation condition, respectively; the other two
factors were sum-coded. By-subject random slopes
were included for each factor. Significance was
determined based on Satterthwaite’s degrees of
freedom with the lmerTest package [15] for R.

2.2 Participants and Procedure

Figure 2: Reaction times across stimulus context
and rhythm deviations for the short-long condition

50 participants (40 recruited from Amazon
Mechanical Turk and 10 recruited in the University
of Delaware Phonetics Lab) aged 19-71 (mean age =
32) participated in a forced choice task in which they
were asked to identify, as quickly as possible, the last
word of the sentence they had heard by pressing the 0
or 1 keys on the keyboard. The experiment was webbased, developed using jsPsych [9] and administered
through JATOS [16]. Participants were given a short
break between each block of the experiment. After the
experiment, they completed a brief demographic
survey which included questions about their language
background and music experience. 17 out of the 50
participants had some level of musical training, which
ranged from a year or less to ongoing participation in
music lessons or ensemble play. No participant
reported any hearing impairment.
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Results revealed no effect of any level of deviation
from isochrony in the long-short direction (p > .25).
To simplify the analysis, the data was subset to only
compare across deviation levels in the short-long
direction. Results revealed a main effect of CONTEXT
on reaction time, with slightly longer reaction times
recorded for the SENTENCE context (Tell Ted tap…)
than the other contexts (β=40.57; t=3.71; p<0.001).
There was also a main effect of DEVIATION for the
100 ms condition, such that participants were overall
slower to respond in the condition with the rhythmic
deviation than in the perfectly rhythmic (0 ms
deviation) condition (β=15.91; t=2.03; p<0.05).
There was no main effect of deviation for the 50 ms
condition (p = 0.41). As can be seen in Figure 2, there
was also a significant interaction between CONTEXT
and DEVIATION for the 100 ms condition: the
SENTENCE_PWORD_INTERNAL
(Tell him to…)
context showed the opposite effect of rhythmic

2.3 Hypotheses
It is hypothesized that deviations from isochrony will
have a more profound negative effect on perception
within the DRUMBEAT context, such that smaller (50
ms) and larger (100 ms) deviations will lead to
increased reaction times on identification of the target
word. It is furthermore predicted that the three
SYLLABLE conditions (plain, duration varied, and
vowel varied) will show an effect of the larger (100
ms) deviation from isochrony, but perhaps not the
smaller (50 ms) deviation. Finally, it is predicted that
the two SENTENCE conditions will show the least
impact of the rhythmic deviations.
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deviation, as participants were faster to respond when
the 100 ms deviation was present (β=-24.55; t=-2.26;
p<0.05). This interaction between CONTEXT and
DEVIATION trended in the same direction (but did not
reach significance) for the SENTENCE context (Tell
Ted tap…) (β =-20.65, t =-1.65, p=.24), and two of
the syllable contexts: the SYLL_DURATION_VARIED
context (ta ta ta…, duration variable) (β=-20.265, t=1.909, p=.056) and the SYLL_VOWEL_VARIED context
(ta ti tə…, duration variable) (β=-20.235, t=-1.92,
p=0.055). This interaction was not significant for the
plain SYLLABLE context (ta ta ta…, duration equal)
(p>.30), where, similar to the DRUMBEAT condition,
reaction times were numerically slower in both of the
two deviation conditions as opposed to the perfectly
rhythmic condition. To get a better picture of how the
deviation conditions were affecting perception in the
DRUMBEAT and plain SYLLABLE contexts, which
appear to pattern most similarly to one another,
individual models were constructed for the two
context conditions which included fixed effects of
DEVIATION, MUSIC EXPERIENCE, and TRIAL ORDER
and by-subject random slopes for all factors. For the
DRUMBEAT condition, results revealed significantly
longer reaction times in the 100 ms deviation
condition when compared to the perfectly rhythmic
condition (β=8.343, t=2.28, p<0.05). Reaction times
were intermediate in the 50 ms deviation condition,
but not significantly longer than they were in the
perfectly rhythmic condition (β=3.04, t=.837,
p=0.40). For the SYLLABLE context, the difference in
reaction times between the 100 ms and perfectly
rhythmic conditions did not reach significance
(β=2.657, t=1.28, p=.20), nor did it reach significance
between the 50 ms and perfectly rhythmic conditions
(β=6.917, t=1.56, p=.13). There was no effect of
MUSIC EXPERIENCE for either dataset (p > .30).

the syllables preceding the target word form a single
prosodic unit. This finding is not surprising, given the
reduced duration between the initial two syllables Tell
him in the deviation conditions allows them to more
closely follow the pattern of temporal compression
commonly found within binary feet in English [13].
Note that this effect cannot be attributed solely to the
greater level of durational and spectral variability
among the context syllables in this condition, as a
comparable facilitative effect of the 100 ms deviation
was not found for the SYLL_DURATION_VARIED &
SYLL_VOWEL_VARIED conditions. It is interesting to
note, however, that these two context conditions did
seem to pattern rather differently from the evenly
timed, non-variable SYLLABLE condition. For
example, reaction times were numerically shorter in
the perfectly rhythmic condition for the SYLLABLE
context, as was found for the DRUMBEAT context,
whereas
the
SYLL_DURATION_VARIED
&
SYLL_VOWEL_VARIED contexts showed numerically
slower reaction times in the rhythmically-even
condition as opposed to the deviation conditions. This
suggests that the variability of vowel durations in the
latter two contexts did somewhat affect listener
predictions about the timing of the target word.
A possible limitation of the present study is the
acoustic difference between the context sounds heard
in the drumbeat condition and those heard in the other
conditions. Though efforts were made to control for
factors such as frequency/F0 and stimulus duration,
there are still elements which clearly distinguish the
drumbeat stimuli from the speech stimuli, such as the
faster rate of decay of the sound over time for the
drumbeat. Thus, it could be that sensitivity to
rhythmic deviations arose simply because of the
nature of the stimulus, and not because the drumbeat
is a more musical stimulus, per se.
Either way, our results clearly show that
predictions about timing are influenced by language
structure (e.g. prosodic word-internal vs. external
patterns), and not driven purely by rhythmic
regularity in the stimulus. Mapping out how, exactly,
these kinds of linguistic knowledge interact with
other kinds of lower-level expectations about
temporal regularities will be key to understanding of
how temporal predictions for language are
constructed. Furthermore, the musical context used
here was extremely simple, whereas music often
displays variation in timing which may be more
comparable to speech. Future work should explore
how predictions in the context of highly rhythmic
music relate to those made in more complex, fluid
rhythmic musical contexts.

4. DISCUSSION
The results from the present study show that listeners’
temporal predictions about an upcoming word are
more sensitive to deviations from temporal regularity
in a context sequence containing drumbeats, as
opposed to a sequence of nonword speech syllables,
or within a coherent phrase. These results are
consistent with accounts positing a greater allocation
of attentional resources in perception during music
than during speech. Since the non-speech drumbeat
was meant to encourage participants to enter a more
musical mode of perception, we expected temporal
expectations in this condition to be more fine-grained.
Also of interest was the fact that temporal deviations
within a sentence actually facilitated target word
perception—this effect could be seen most clearly in
the case of the sentential context Tell him to… where
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Given the speaker already had a relatively monotone
voice (F0 for the unaltered utterances didn’t vary more
than 5 Hz above or below the mean), PSOLA

manipulations did not result in abnormally monotonesounding stimuli.
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Japanese. To answer these questions, some
theoretical issues are considered as discussed below.
First, PBL has been considered to be gradient in
nature. So in some languages like Hebrew and
Finnish, PBL effect was strongest at the boundary and
it progressively decreases as a segment gets farther
away from the boundary [1,16]. This progressive
process has been reported in acoustic terms, but it
may be understood in gestural terms. (For example,
in the π-gesture theory [2, 3,9,12], a non-tract variable
‘prosodic’ gesture is assumed to regulate the temporal
realization of articulatory gestures at the vicinity of
the prosodic juncture, with its effect being gradually
attenuating as segments get farther away from the
prosodic juncture.) However, the scope of PBL (i.e.,
how far the effect may spread to the left) may be
determined in a language-specific way (e.g.,
[4,5,9,20]). For example, in Korean the scope of PBL
may be generally limited to the last syllable [4],
whereas the PBL effect in Hebrew and Finnish may
spread to the penultimate syllable in a disyllabic word
[1,16]. But the scope of PBL may also be influenced
by the phonetic content, such that PBL may spread
more to the left if the final syllable is composed of
intrinsically short segments (cf. [4,9]). The present
study explores to what extent Japanese follows the
general progress effect, how far PBL may spread
leftwards, and how the effect may be conditioned by
the phonetic content, as reflected in the number of
segments and moras (e.g., CVN.CVN vs. CV.CV).
Second, PBL has been discussed in terms of the
phonological unit such as a rime or a syllable on
which PBL operates. In English, PBL is generally
assumed to operate primarily on the rime [20] (cf.
[22]), although there is no clear-cut division between
the rime and the onset since the onset often undergoes
a small but significant PBL effect [3,10]. The issue of
the relationship between PBL and phonological units
leads to a question as to how PBL may be influenced
by the moraic structure in Japanese as the mora is
considered to be an important unit for both speech
production and perception [13,14,19]. The present
study therefore examines whether and how the mora
may serve as a unit for PBL.
Finally, PBL is known to interact with the
prominence system of a given language. For example,
PBL may be attracted to a non-final stressed syllable

ABSTRACT
This study examines preboundary lengthening
(henceforth PBL) in Japanese, focusing on how its
rhythmic characteristics influence the low-level
temporal realization of PBL. Disyllabic words with
various moraic structures and pitch accent patterns
were produced in the phrase-final vs. –medial
positions. Results show a general progressive
lengthening as the segments get closer to the
boundary. The domain of PBL appears to be better
accounted for by the syllable structure as PBL is
robust at the final rhyme regardless of the moraic
structure within a syllable. The moraic structure,
however, does influence the distribution of PBL by
showing some attraction of PBL towards the wordmedial moraic consonant. In addition, the words with
initial pitch accent show much less lengthening at the
final rhyme than those without pitch accent. Taken
together, the results suggest that Japanese PBL is not
only governed by the physical temporal constraints,
but further modulated by language-specific rhythmic
structure.
Keywords: Preboundary lengthening, Japanese,
mora, pitch accent
1. INTRODUCTION
Preboundary lengthening (PBL), also known as
phrase-final lengthening, refers to a prosodicallyconditioned lengthening before a prosodic boundary
which serves a delimitative function of prosodic
grouping [5,7,20,22]. PBL is generally assumed to be
a universally applicable low-level effect, as virtually
every language shows some degree of PBL [5]. The
phonetic implementation of PBL, however, is known
to vary across languages according to language
specific linguistic structures [5,9,11,16]. The purpose
of the present study is to explore the influence of the
linguistic structures on PBL in Japanese by focusing
on the effects of the moraic structure and the pitch
accent system. Specific questions to be addressed are
whether PBL in Japanese is understood as a
phonetically-grounded progressive effect as has been
observed in the literature; how the moraic structure
influences the temporal distribution of PBL, and how
PBL may be modified by the lexical pitch accent in
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in English, Greek and Finnish [9,16,20]. On the other
hand, a language which does not employ a lexical
stress system such as Korean shows no such
interaction between PBL and prominence [6]. A
question then arises as to how the PBL effect may be
influenced by the prominence system in Japanese
which employs a lexical pitch accent [8,21]. If the
attraction of PBL to the lexical-level prominence (as
observed in other languages) is universally applicable,
we might find a similar attraction effect in Japanese.
More broadly, addressing this issue will inform how
the low-level PBL interacts with the higher-order
prominence system within and across languages.

vowel was defined as the end of F2. VOTs for Cs
were generally very short with no considerable
change due to Boundary, so they were included in the
vowel duration. The durational measures therefore
included C (closure duration), V (VOT plus vowel
duration) and N (nasal murmur). The absolute
measure indicates the durational increase from IPmedial to IP-final position for each segment in the test
word and it will be compared with those in relational
terms (in %-increase), expressed as percent
proportion of the PBL increase relative to the IPmedial condition.
Table 1: An illustration of target words

2. METHOD
2.1. Participants and materials

Fourteen native speakers of Tokyo Japanese (7
females and 7 males, Mage= 24.2 years, range 19 – 29
years) who have lived in Korea for less than 3 years
participated in the experiment. Eight disyllabic test
words were used as in Table 1. Disyllabic words
varied in the number of moras and the pitch accent
pattern (unaccented vs. initially accented). To control
for the sentence-level prominence effect, the test
words were produced with and without contrastive
focus. As shown in Table 2, the target words were
embedded in carrier sentences, which consist of a
question-answer pair: the question (prompt) sentence
(‘A’) and a target-bearing sentence as an answer (‘B’).
The target word was placed in a phrase final position
(IP) or in a phrase-medial position (Wd). It was either
lexically focused (with lexical contrast between the
target word and a word in the question sentence,
TAKA vs. SAKE) or unfocused (with lexical contrast
on the preceding word, SONO vs. KONO).

Table 2: An illustration of example sentences

Figure 1: An example of segmentation and labelling with
a CVN.CVN word.

2.2. Procedure

A series of Repeated Measured Analyses of
Variance (RM ANOVA) were conducted, by using
IBM SPSS Statistics 24. Statistical analyses were
done separately for each target word type: CV.CV,
CV.CVN, CVN.CV, CVN.CVN. Three factors
(Boundary, Pitch Accent, Focus) were included in
RM ANOVAs. As briefly mentioned above, we
included the Focus factors, given a possibility that
Pitch Accent may interact with Focus, but the result
of RM ANOVA indicated that there was no
interaction between Pitch Accent and Focus across all
measures. We will therefore not report the results
regarding the focus effect, and limit our report to the
directly relevant results to the purposes of our study.

In the experiment, the participants were presented
with each mini dialogue on a computer screen, and
heard a prompt question (pre-recorded by a female
native speaker of Tokyo Japanese). Then the
participants read the target-bearing sentence in
response to the (auditory and visually presented)
question (prompt) sentence. The data were recorded
in a soundproof booth with a Tascam HP-D2 digital
recorder and a SHURE KSN44 microphone at a
sampling rate of 44kHz. In total, 2688 tokens were
collected (4 mora structure x 2 pitch accent x 2 focus
x 2 boundary x 6 repetitions x14 speakers), but 2472
tokens were used to report in this paper (excluding
tokens that deviated from the intended renditions as
agreed by authors).

3. RESULTS AND DISCUSSOIN

2.3. Measurements and statistical analyses

3.1. Main effects of Boundary on PBL

We measured the duration of each segment in the
target words by using Praat as shown in Fig. 1. The
measurements were made by comparing the
waveform and the spectrogram, and the end of the

Results of RM ANOVAs with respect to the boundary
effects are summarized in Table 3 and Fig. 2.
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Table 3: A summary of the results of RM ANOVA with
regard to the main effect of Boundary (B) and the
interaction between Boundary and Pitch Accent (B x PA).
(‘*’ refers to p<.05; ‘**’, p<.01; ‘***’, p<.001; ‘tr’,
p<0.06).

C1V1C2V2 and C1V1C2V2N2: All segments except
C1 showed main effects of PBL in both ms and %increase (Fig 2a-b). The PBL effect increased as the
segments became closer to the boundary, showing a
generally progressive PBL effect. Even when N2
(moraic nasal) was added at the end (Fig.2b), all
segments except C1 showed main effects of PBL in
both ms and %-increase. These results show that the
effect spreads to the first vowel regardless of whether
the moraic nasal occurs at the end, indicating the PBL
effect independent of the moraic structure or the
number of moras. Notice that the final N2 in ms (the
upper panel of Fig.2b) was not as lengthened as the
final V2 in C1V1C2V2, which is presumably because
V is more subject to lengthening than N. But as shown
in the lower panel in Fig. 2b, the relative measure (%increase) revealed a consistent progressive
lengthening effect. It is also noteworthy that the PBL
effect on V2 in CVCV (Fig.2a) was far greater than
any single effect of either V2 or N2 in CVCVN
(Fig.2b). It appears that the single effect on V2 in the
open syllable is comparable to the combined effect of
V2 and N2 in the closed syllable, indicating that PBL
operates primarily on the final rime, rather than on the
individual segments or moras.
C1V1N1C2V2 and C1V1N1C2V2N2: Again all the
segments except C1 showed PBL in CVN.CV (Fig.
2c), but in CVN.CVN, the PBL effect spread to the
first N rather than to the first V. This difference
indicates that the scope of PBL is not strictly
determined by the syllable count (up to the first vowel
as in Fig. 2a-c), but is influenced by the phonetic

3.2. Interaction between Boundary and Pitch accent

The results of RM ANOVAs with respect to
Boundary x Pitch Accent are summarized in Fig. 3
and Table 3. All four word types showed an
interaction between Boundary and Pitch Accent on
the segments that form the final rime: V2 in […V2];
V2 and N2 in […V2N2]. As shown in Fig.3, the general
pattern is that the lengthening effect on final rime is
suppressed in the initially pitch-accented word.
Notice that the suppression effect was found on the
final segment V2 in the open syllable, and on both V2
and N2 in the closed syllable, although the effect on
V2 was not significant in CVN.CVN.
Figure 3: The magnitude of increase from IP-medial to IPfinal position as a function of accent type in absolute terms
(in ms, upper panels) and relative terms (%-increase, lower
panels). Solid lines with filled circles refer to initially
accented words (‘ia’), and dotted lines with empty squares
unaccented words (‘ua’). (*, p<.05; **, p<.01; ***, p<.001).

content—i.e., the effect does not spread to the first
vowel when there are two more segments before the
boundary as in CVN.CVN. Another interesting
pattern is that when there is a moraic nasal (N1) in the
middle, the PBL effect on the following C2 is boosted
up. As shown in Fig.2c-d, in both CVN.CV and
CVN.CVN, the PBL effect on C2 is larger than in
CV.CV and CV.CVN. The effect becomes clearer
in %-increase, as highlighted in Fig. 2c-d.

*** **

***

***
***

*** ***

*** *

tr.

***

**

*

4. SUMMARY AND GENERAL DISCUSSION
A basic finding of the present study is that
Japanese shows a progressive PBL effect in a gradient
fashion—i.e., the PBL effect increases gradually as
the segment becomes closer to the boundary. The
progressive PBL effect was found across all four
disyllabic words with a different number of moras:
CV.CV, CV.CVN, CVN.CV and CVN.CVN (where
‘V’ and ‘N’ are moras). Considering the first three
types of words (except for CVN.CVN), PBL effects
spreads leftwards up to the first vowel in the
disyllabic word, regardless of the number of segments
or the number of moras. But the distribution of PBL
in the last word CVN.CVN indicates that the scope is
not entirely fixed to the first vowel, but is constrained

***
***
* ***

tr.

*

***

***

Figure 2: The magnitude of increase from IP-medial to IPfinal position for each segment pooled across accent types
(or differences between the two position) in absolute terms
(in ms, upper panels), and in relative terms (%-increase,
lower panels). (*, p<.05; **, p<.01; ***, p<.001).
***

***

***

***
*** ***
***
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by the phonetic content: When there are too many
segments as in CVN.CVN, the PBL effect is confined
to the first N, not reaching the first vowel.
The results also showed some evidence about the
phonological unit on which PBL operates in Japanese.
Recall that the PBL effect on V2 in the open syllable
(CV.CV or CVN.CV) was far greater than that of
either V2 or N2 in the closed syllable (CV.CVN or
CVNCVN), and the effect on V2 in the open syllable
was comparable to a combined effect of V2 and N2 in
the closed syllable. This suggests that the final moraic
N does not serve as an independent PBL-bearing unit,
but that PBL operates primarily on the rime, despite
the fact that moras in Japanese have been considered
as the basic units for speech production and
perception [13,14,19]. In other words, as far as the
final syllable is concerned, the distribution of PBL
appears to be better accounted for by the syllable
structure rather than the moraic structure, which is
consistent with the view that the syllable also plays a
phonological role in Japanese (e.g., the syllable
serves as a pitch accent bearing unit) [15].
The results, however, suggest that the distribution
of PBL is not entirely independent from the moraic
structure. We observed some evidence for
interactions between PBL and the moraic structure,
especially when a moraic nasal (N) occurs in the
middle of the word, forming a consonant cluster as in
CVN.CV and CVN.CVN. When there was a moraic
nasal in the middle, the PBL effect on the following
consonant (C2) was far greater that the effect on C2
with no preceding N as in CV.CV or CV.CVN. The
robust boosting-up effect of the moraic N2 on C2 adds
some discontinuity to the gradual progressive PBL
effect which is clearly shown in the relative (%increase) measure (see Fig. 2c-d). This therefore
demonstrates that the moraic N in the consonant
cluster does influence the distribution of PBL in some
significant ways, but it is not entirely clear why the
augmented PBL effect was not found on the moraic
nasal itself but on the following oral consonant. While
this issue remains to be further elucidated, we can
offer one possible explanation in connection with the
phonetic nature of the NC cluster in Japanese.
In Japanese, a nasal consonant N in the NC cluster
becomes homorganic with the following C (cf. [4,9]).
Given that C in NC is [k] in this study, the actual
phonetic form of N would be [ŋ]. Crucially, the nasal
[ŋ] in the homorganic [ŋk] cluster may be at least
partially devoiced due to a possible coarticulatory
devoicing effect coming from the voiceless [k] [21].
Thus, the measured duration of the voiceless closure
for C may contain the devoiced nasal component. It
is therefore possible that the lengthened C-duration
reflects the PBL effect on both the devoiced [ŋ] and
[k]. It is possible that the attraction of PBL to the nasal
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is reflected on C duration, which may enhance the
moraic representation to be distinct from the
following moraic vowel that also undergoes a
substantial PBL effect. This is somewhat reminiscent
of the case of Finnish in which vowel quantity
interacts with PBL constrained by the maintenance of
paradigmatic contrast in the distribution of long vs.
short vowels [16].
Finally, the findings with respect to the interaction
between PBL and Pitch Accent illuminates the nature
of how PBL may be constrained by the prominence
system in Japanese. We observed that when the initial
syllable was pitch-accented, the PBL effect on the
final rhyme was suppressed in all four disyllabic
words. This appears to run counter to what was found
in English in which the non-initial stressed syllable is
directly affected by the boundary strength,
undergoing PBL. The restriction on PBL in the final
rime in Japanese is presumably due to the possibility
that too much of lengthening on the final syllable
would make the final syllable too salient, as compared
with the pitch-accented initial syllable. An
unrestricted PBL in the final syllable would therefore
have blurred the syntagmatic relationship in the
prominence distribution between the accented initial
syllable and the final syllable. Seen from a different
angle, the suppression of PBL in the final rime in the
initially-accented condition can be considered as an
indirect way of enhancing the prominence of the pitch
accented syllable: the shortening of the final rime
would result in the percept of relatively lengthened
initial syllable, making the pitch accented syllable
salient. It is then reasonable to assume that the crosslinguistic difference (i.e., the suppression of PBL in
the final rime in Japanese and the expansion of PBL
in the stressed non-final syllable) can be taken to be
driven by the same principle - i.e., the maintenance of
some kind of syntagmatic contrast in the prominence
distribution in conjunction with the distribution of
boundary-related PBL.
In conclusion, Japanese shows a general
progressive PBL effect in line with cross-linguistic
patterns, and the PBL effect spreads up to the first
rime in disyllable words largely independently of the
mora count, although the phonetic content (e.g., the
number of segments) appears how far within the first
rime the PBL effect may spread. The results however
imply that the exact way that PBL is distributed over
the disyllable words is systematically fine-tuned in a
language-specific way - i.e., in reference to the
language’s higher-order rhythmic structure that
involves the moraic structure and the lexical pitch
accent in the case of Japanese. It remains to be seen
how the current findings may generalize to other
words in Japanese and how they are exploited in
speech comprehension.

5. ACKNOWLEDGEMENT
We thank the Japanese speakers who participated
in the experiment. We also thank the reviewers for
their constructive comments. This work was
supported by the research fund of Hanyang
University (HY-2018).
6. REFERENCES
[1] Berkovits, R. 1993. Utterance-final lengthening and the
duration of final-stop closures. Journal of Phonetics.
[2] Byrd, D., & Saltzman, E. 2003. The elastic phrase:
Modeling the dynamics of boundary-adjacent
lengthening. Journal of Phonetics, 31(2), 149-180.
[3] Byrd, D., Krivokapić, J., Lee, S. 2006. How far, how
long: On the temporal scope of prosodic boundary
effects. The Journal of the Acoustical Society of
America, 120(3), 1589-1599.
[4] Cho, T., Lee, Y., Kim, S. 2011. Communicatively
driven versus prosodically driven hyper-articulation in
Korean. Journal of Phonetics, 39(3), 344-361
[5] Cho, T. 2015. Language effects on timing at the
segmental and suprasegmental levels. In M. A. Redford,
(Ed.), The Handbook of Speech Production (pp. 505529). Hoboken, NJ: Wiley-Blackwell.
[6] Cho, T. 2017. Articulatory studies on preboundary
lengthening in American English and Korean. A talk
presented at the 3rd International Workshop on
Dynamic Modeling. Cologne, Germany, 18-19, July
2017.
[7] Edwards, J., Beckman, M. E., Fletcher, J. 1991. The
articulatory kinematics of final lengthening. The
Journal of the Acoustical Society of America, 89(1),
369-382.
[8] Haraguchi, S. 1988. Pitch accent and intonation in
Japanese. van der Hulst & Smith, 123-150.
[9] Katsika, A. 2016. The role of prominence in
determining the scope of boundary-related lengthening
in Greek. Journal of phonetics, 55, 149-181.
[10] Kim, S., Jang, J., Cho, T. 2017. Articulatory
characteristics of preboundary lengthening in
interaction with prominence on tri-syllabic words in
American English. The Journal of the Acoustical
Society of America, 142(4), EL362-EL368.
[11] Klatt, D. H. 1976. Linguistic uses of segmental
duration in English: Acoustic and perceptual evidence.
The Journal of the Acoustical Society of America, 59(5),
1208-1221
[12] Krivokapić, J., Byrd, D. 2012. Prosodic boundary
strength: An articulatory and perceptual study. Journal
of phonetics, 40(3), 430-442.
[13] Kubozono, H. 1989. The mora and syllable structure
in Japanese: Evidence from speech errors. Language
and Speech, 32(3), 249-278.
[14] Kubozono, H. 1995. Perceptual evidence for the mora
in Japanese. Phonology and phonetic evidence: Papers
in laboratory phonology IV, 141-156.
[15] Kubozono, H. 2017. Mora and syllable. The handbook
of Japanese linguistics, 31-61.

641

[16] Nakai, S., Kunnari, S., Turk, A., Suomi, K., Ylitalo, R.
2009. Utterance-final lengthening and quantity in
Northern Finnish. Journal of phonetics, 37(1), 29-45.
[17] Nishimura, R. 2011. Stop Epenthesis in NasalFricative Clusters Produced by Japanese Learners of
English: Focusing on ns-clusters and ms-clusters.
[18] Ohala, J. J. 1995. A probable case of clicks influencing
the sound patterns of some European languages.
Phonetica, 52(3), 160-170.
[19] Otake, T., Hatano, G., Cutler, A., Mehler, J. 1993.
Mora or syllable? Speech segmentation in Japanese.
Journal of memory and language, 32(2), 258-278
[20] Turk, A. E., Shattuck-Hufnagel, S. 2007. Multiple
targets of phrase-final lengthening in American English
words. Journal of Phonetics, 35(4), 445-472.
[21] Vance, T. J. 2008. The sounds of Japanese with audio
CD. Cambridge University Press.
[22] Wightman, C. W., Shattuck‐Hufnagel, S., Ostendorf,
M., Price, P. J. 1992. Segmental durations in the
vicinity of prosodic phrase boundaries. The Journal of
the Acoustical Society of America, 91(3), 1707-1717.

Lenition of word-final plosives in Basque
José Ignacio Hualde, Ander Beristain, Ane Icardo Isasa, Jennifer Zhang
University of Illinois at Urbana-Champaign

{jihualde | anderb2 | icardoi2 | jz13}@illinois.edu

i
ABSTRACT

Basque has a phonological contrast between voiceless
/ptk/ and voiced /bdg/ in onset position. Word-finally
there is only /t/ and /k/. These word-final consonants,
although rare stem-finally, have great textual
frequency, since they are found in several frequent
inflectional suffixes. We examine the realization of
final /t k/ before a vowel across word boundaries,
comparing them with word-medial and word-initial
intervocalic consonants. Based on a corpus of natural
speech, we test the hypothesis that prevocalic wordfinal plosives are weaker than other intervocalic
plosives, since they do not contrast with voiced
phonemes in this position. We test two methodologies
for quantifying plosive lenition based on differences
in intensity that have been proposed in prior work.
Both methodologies returned very similar, but not
identical, results. Intensity results are consistent with
the hypothesis, especially for velars. /t k/ are also
more voiced word-finally than elsewhere.
Keywords:
Basque,
neutralization, plosives

lenition,

contextual

1. INTRODUCTION
We test the effects of phonological contrast on
lenition by comparing the realization of intervocalic
voiceless stops in Basque across morphological
contexts.
Basque has a phonological contrast between
voiceless and voiced plosive phonemes in onset
position, both word-initially and word-medially (e.g.
word-initial: puru ‘pure’, buru ‘head’; postconsonantal: arto ‘corn’, ardo ‘wine’; word-medial
intervocalic: ekin ‘undertake’, egin ‘do’). Wordfinally, however, only /k/ and /t/ are allowed. These
two word-final consonants have very low lexical
incidence, but high textual frequency. There are no
major-category words that end with a plosive, but
several inflectional suffixes end in /t/ or /k/,
including, for /t/, the benefactive suffix (e.g. Perurentzat ‘for Peru’) and the first person singular
transitive subject agreement marker (daki-t ‘I
know’). Suffixes ending in /k/ include the ergative,
which marks the subject of a transitive verb (Peru-k
‘Peru, erg.’), the absolutive and ergative plural
(mendi-ak ‘the mountains’), the partitive (mendi-rik
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‘mountain, part.’), the ablative (mendi-tik ‘from the
mountain’) and the second person singular masculine
familiar transitive subject agreement marker (daki-k
‘thou, male, knowest’). In addition, there are several
function words ending in /t/, including the
numeral/indefinite article bat ‘one, a’.
Voiceless intervocalic stops have been reported to
voice and weaken to approximants, in at least some
Basque varieties [10, 11, 23].
In this paper, we examine the realization of wordfinal plosives before a vowel in a corpus of natural
speech, comparing them with intervocalic plosives in
other positions. Since only /t/ and /k/ are possible
plosives word-finally, we limit our comparison to
these two consonants.
Our hypothesis is that word final plosives before a
vowel (VC#V) will show greater voicing lenition than
plosives in either word-internal intervocalic position
(VCV) or word-initially after a vowel (V#CV), given
the fact that, word-finally, /t k/ do not contrast with /b
g/. We also predict velar /k/ to undergo greater
lenition than dental /t/, based on the fact that wordinternal intervocalic velar /g/ tends be deleted in
many Basque varieties [9, 10]. Intervocalic voiceless
velars have also been found to show more lenition
than other consonants in Iberian Spanish [13].
Besides examining the effects of morphological
context and phonological contrast on intervocalic
lenition in Basque, we also have methodological
goals in this paper. We compare two methods that
have been used in recent work to quantify lenition
based on the intensity curve. We would like to
determine whether both methodologies produce
similar results when applied to the same data.
2. METHODS
Our data come from recorded interviews on everyday
topics with 6 native Basque speakers from Azpeitia,
Gipuzkoa (4 female, 2 male). Among all towns in the
Basque Country with over 5000 people, Azpeitia has
the highest proportion of Basque speakers (82%).
Basque is by far the most commonly used language
within the town. The interviewer was also a native
speaker of Azpeitia Basque. All participants signed a
consent form before being recorded. The
conversations took place in Azpeitia, in a quiet place
familiar to the participants, and were recorded with a
MicroTrack 24/96 digital recorder using a SONY F720 external microphone.

The recordings were analyzed in Praat [2]. From
these recordings we extracted 2482 tokens of /t/ and
/k/ in the following contexts: (a) word-final before a
vowel (VC#V), (b) word-medial intervocalic (VCV),
(c) word-initial following a vowel (V#CV) and (d)
word-final before another consonant (VC#C). For this
study, however, we are excluding the word-final
preconsonantal tokens, as we are focusing on the
realization of intervocalic consonants. Only tokens
produced without a pause between words have been
included.
After removing pre-consonantal tokens and some
other tokens for the additional reasons explained
below, a resulting total of 2252 intervocalic tokens
were analyzed for this paper, with the distribution of
contexts shown in Table 1.
Table 1. Number of analyzed tokens by context
Final
Initial
Medial
k
180
75
821
t
83
126
967

To quantify lenition, we took measurements of
intensity between the consonant and the following
vowel, as a correlate of the degree of constriction. The
less constricted the consonant, the smaller the
difference in intensity is expected to be.
Intensity was measured in two different ways.
First, we calculated the difference between the
intensity maximum and minimum in the CV sequence
(IntDiff), using a similar methodology as in other
work on intervocalic lenition [3, 4, 5, 6, 13, 15, 17,
18,19, 22]. To take this measurement, an interval tier
was created in Praat, manually placing boundaries
around the target consonant, taking care that the
selected intervals contained the minimum intensity in
the consonant and the maximum in the following
vowel. While delineating the boundaries of lenited
consonant can be difficult, exact segmentation is not
required for this measurement. The only requirement
is for the interval to include the intensity minimum
within the consonant and the intensity maximum
during the following vowel. Some, but not all, of the
studies mentioned above have used high and/or lowpass filters in order to remove energy from voicing at
low frequencies and possibly from background noise
at high frequencies. For instance, in [22] energy was
measured applying a Hann band-pass filter between
250 Hz and 10 kHz. Here, we do not apply a filter and
compare the results with the those obtained by
applying the methodology described in [7], where
changes in energy are taken from a band between 400
Hz and 1200 Hz.
Thus, we used the R script by [7], which focuses
on changes in intensity from the beginning of the
consonant. To run this script, we created a separate
point tier, placing a single boundary near the
beginning of each target consonant. Edges of closing
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and opening gestures are automatically determined
from changes in intensity velocity, and segment
boundaries are placed in relation to these points. The
script returns Delta-i (Δi) values, which reflect the
magnitude of change in intensity within the defined
segment. Tokens where there was no visible dip in
intensity or other evidence for a consonantal gesture
in the spectrogram were discarded. We take these as
instances of consonant deletion. To make the two
analyses fully compatible, we removed those tokens
from the computation of IntDiff as well.
We consider to what extent both methodologies
produce similar results. As noted, neither method
requires accurate manual placement of segment
boundaries. We will use the term Delta-i to refer to
the results obtained with the script by [7] and IntDiff
to refer to the measurement that calculates the
difference between intensity maximum and minimum
within the CV sequence, without applying a filter.
A second potential dimension in the lenition of
voiceless stops, besides a decrease in the degree of
constriction, is voicing. To analyze voicing
separately, we used the intervals created for the
IntDiff measurement, classifying each token as either
fully voiced or not. The voice report in Praat returns
the percentage of frames in an interval that are
produced as voiced, but since our intervals include
not only the target consonant but also part of the
following vowel, we are treating voicing as a binary
feature. We consider a consonant to be voiced only if
there is voicing throughout the entire interval
(unvoiced frames in the selected interval = 0 in
Praat’s voice report). This avoids the need to place
exact boundaries at the beginning and end of the
consonant. A justification for our binary analysis is
that only fully voiced tokens can be said to show
potential neutralization between underlyingly voiced
and voiceless phonemes [13].
For the statistical analysis of the intensity results,
we ran linear mixed effects regressions on IntDiff and
Delta-i in R [20] and RStudio [21] with the function
lmer in the package lme4 [1]. P-values were obtained
with the Satterthwaite approximation in lmerTest
[14]. Voicing was analyzed with the function glmer
(family= binomial) in lme4.
Details regarding the structure of the regressions
are given in the results section.
3. RESULTS
3.1. IntDiff
The boxplots in Figure 1 show the results of our
IntDiff measurement by context (made with the
package ggplot2 [25]). From visual inspection of the
plots, word-final tokens are generally more lenited

(smaller IntDiff) than other tokens. For /k/, wordinitial tokens appear to be strongest.
Figure 1: IntDiff for /t/ and /k/ by context: fv =
word-final prevocalic, i =word initial after a vowel,
m = word-medial intervocalic

3.2. Delta-i
The boxplots in Figure 2 show differences in intensity
calculated with the methodology of [7]. The results
for /k/ are very similar to those in Figure 1, with a
clear effect of position on degree of constriction:
initial > medial > final. For /t/, on the other hand, the
differences between contexts are less clear in Figure
2 (for ease of comparison, the Delta-i output has been
multiplied by -1).
Figure 2: Delta-i for /t/ and /k/ by context: fv = wordfinal prevocalic, i = word initial after a vowel, m =
word-medial intervocalic

We ran a linear mixed effects regression on IntDiff
with Context (three levels: i= V#CV, m=VCV and fv
=VC#V), Consonant (two levels: /t/, /k/) and their
interaction as fixed factors, and Speaker and Word as
random factors.
The output of the regression shows a significant
difference between word-final prevocalic and both
word-initial postvocalic (β = 13.7, t= 10.4, p < 0.001)
and word-medial intervocalic tokens (β = 5, t= 6.1, p
< 0.001), as well between /t/ and /k/, with the velar
being more lenited (β = 3.6, t= 2.3, p = 0.02).
Post-hoc comparisons (with the package
emmeans [16]) return significant differences among
all three contexts for both consonants, with the initial
position being strongest (largest IntDiff) and the final
position being weakest, see Table 2.
Table 2: Post-hoc comparisons, IntDiff
/k/
Estimate
t.ratio
fv-i
-13.7
-10.4
fv-m
-5
-6.1
i-m
8.7
7.7
/t/
fv-i
-10
-4.9
fv-m
-4.1
-3
i-m
5.9
3.7

p.value
<0.0001
<0.0001
<0.0001
<0.0001
=0.0076
=0.0007

Regarding our research question, we find that the
target intervocalic consonants are more lenited when
they are word-final than when they are word-initial or
word-medial. The differences between contexts are
greater for /k/ and there is a clear hierarchy of strength
for this consonant among the three positions
examined.
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Delta-i values were modeled as the dependent value
in an lmer with the same structure as the one for the
IntDiff results. Significant effects were found for
both fixed factors. Regarding context, word-final is
significantly weaker than word-initial (β = 10, t= 8.3, p < 0.001) and word-medial (β = 3.8, t= 4.9, p <
0.001). There is also a significant difference between
/t/ and /k/, with the velar being weaker (β = 7, t= 4.9,
p =0.001). An interaction was also found between
Consonant and the comparison between the final and
initial positions (β = -4.8, t= -2.1, p =0.032).
In post-hoc comparisons with emmeans, all three
place comparisons are significant for /k/ (p <
0.0001), but for /t/, only final vs initial and initial vs
medial contexts approach significance at the p <0.01
level (see Table 3).
Table 3: Posthoc comparisons, Delta-i
/k/
Estimate
t.ratio
fc-i
-10
8.3
fv-m
-3.8
-4.9
i-m
6.3
6.1
/t/
Estimate
t.ratio
fv-i
-5.2
-2.2
fv-m
-0.9
-0.7
i-m
4.3
2.9

p.value
<0.0001
<0.0001
<0.0001
p.value
=0.016
=0.8 n.s.
=0.0103

3.3. Voicing
Regarding voicing, word-final prevocalic consonants
also show a greater propensity to be realized as fully
voiced than other tokens in intervocalic position. On
the other hand, word-initial postvocalic consonants
are almost never fully voiced (see Table 4). Both
medially and finally, /k/ voices more often than /t/.
Table 4: Percent of fully voiced tokens of
intervocalic /t/ and /k/ by morphological context
Context
Final VC#V
Initial V#CV
Medial VCV

/t/
13/83 (15.7%)
7/127 (5.5%)
85/976 (8.7%)

/k/
58/180 (32.2%)
3/75 (4%)
146/821(17.8%)

A binomial mixed-effects logistic regression was
fit to the voicing data with the same fixed effects
structure as for the intensity data and with Speaker as
a random factor. (A model including Word as an
additional random factor failed to converge). Our
statistical model returned a significant effect of
consonant, where /k/ is significantly more likely to
be realized as fully voiced than /t/ (β = -1.0279, z= 2.588, p < 0.01). Intervocalic /t/ and /k/ are voiced
with significantly higher frequency when word-final
than when word-initial (β = -2.6626, z= -4.161, p <
0.001) and word-medial (β = -1.0594, z= -4.665, p <
0.001). No significant interaction between consonant
and context was found.
Although we chose to focus on numbers of fully
voiced tokens in each context for the reasons
mentioned above, an analysis based on ‘fractions of
locally unvoiced frames’ in each token returns fully
comparable results, with more voicing for /k/ than for
/t/ and the same hierarchy among contexts.
3.4. Comparison of the results of methods of
quantifying lenition
The two intensity measures that we have employed
show a relatively strong correlation, r = 0.7087. Our
IntDiff and our Delta-i measurements produced more
similar results for /k/, as is clear from comparing the
left-hand panels of Figures 1 and 2 (for /k/ only, r
= -0.7454). Regressions using these two
measurements as the dependent variable returned a
significant effect of context, with the initial context
being the strongest and the final context being the
most lenited. We thus conclude that there is a strong
effect of word position on the lenition of /k/ that is
captured by both measurements.
For /t/, on the other hand, the measurement that is
used matters. Whereas the regression on IntDiff
returned a significant difference between final tokens
of /t/ and tokens in other positions (as well as initial
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vs final), the regression on Delta-i found much
smaller differences.
The explanation for the difference in the results
of applying the two methodologies may be that Deltai excludes energy at low frequency ranges, where the
voice bar is found, and IntDiff does not (since
intervocalic /t/ is most often realized as fully voiced
when word-finally and least frequently when wordinitial). To answer this question more directly, a voice
report could be obtained for the intervals created to
calculate Delta-i by adding this functionality to the
script.
As mentioned for /k/, on the other hand, the
correlation between IntDiff and Delta-i is somewhat
higher and the statistical results are very similar. We
may suspect that for /k/, voicing and the reduction of
the oral gesture tend to go hand in hand more
frequently than for /t/. This difference between the
lenition of /k/ and /t/ is consistent with what we know
about the allophony of their voiced counterparts in
Basque. Whereas intervocalic /g/ tends to delete in
Basque dialects, /d/ is very frequently realized as a
flap, neutralizing with phonemic /ɾ/ (e.g. bide ~ bire
‘path’) [9], including in the variety of Azpeitia [8].
Dentals and velars thus show somewhat different
paths of reduction.
The voicing of a phonological stop is obviously
independent from the magnitude of the oral
articulatory gesture. From a phonological point of
view, on the other hand, it may make sense to
consider these two articulatory dimensions together
as part of a single process of lenition, with differences
among places of articulation perhaps to be explained
by articulatory factors.
4. CONCLUSIONS AND DISCUSSION
All consonant tokens that we have analysed are found
in the same phonetic context: between two vowels.
There are, however, morphological differences
among them related to word boundaries, which have
an effect on the realization of these consonants. The
VC#V context conditions more lenited consonants
than other contexts. In this context, consonants are
less constricted (especially for /k/) and are more
frequently fully voiced. Since there is no
phonological contrast between voiced and voiceless
consonants word-finally in Basque, these results can
be interpreted as showing an effect of phonological
contrast on phonetic realization. On the other hand,
this hypothesis does not explain the finding that
word-medial tokens are also more lenited than wordinitial intervocalic ones. The explanation may be
found in differences in the pattern of gestural
coordination of intervocalic consonants depending on
position in the word (see [12, 24]). The fact that final
stops are usually in suffixes may also be relevant.
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duced by one of the speakers in this study. The conversational token in Figure 1 exhibits a clear sign
of phonetic reduction in conversational speech, in
which the phonetic representation of the word considerably deviates from its canonical/phonological
representation. Some of the segments and syllables
in the phonological representation are “smeared” or
deleted completely. As a result, the underlying twosyllable word is phonetically realized as one, [ən
̃ ],
which is not even remotely close to the canonical
form.

ABSTRACT
Conversational speech has received considerable attention in recent years, but many instrumental studies have focused on heavily resourced languages and
the phonetic reduction in conversation. To diversify and expand on conversational speech research,
this study examines the unique system of stop contrast in Korean and their acoustic cues in spontaneous phone conversations. The study investigates
some key acoustic properties of intervocalic Korean
stops in casual speech, adding to the growing body
of research on conversational speech. Korean stops
from careful reading and casual conversation show
greater acoustic variability in conversation, as previously noted. Despite the phonetic variability in
acoustic signals, conversational Korean stops contrast with one another in three acoustic dimensions:
intensity difference, VOT, and closure duration, allowing some cues to enhance the stop contrast in
conversation. The findings point to manner-specific
adjustments in spontaneous Korean stops, and suggest that variability in conversational speech yields
both phonetic reduction and enhancement.

Figure 1: Read (upper) and conversational
(lower) tokens of /opun/ ‘5 minutes’, Speaker 8.
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1. INTRODUCTION
Speech sounds in casual conversation differ dramatically from those found in citation forms, owing
to various phonetic reduction processes, differing
prosodic constraints, and so forth. For example, a
common English word yesterday /jɛstɚdeɪ/ is phonetically realized as [jɛʃɛj ] in casual conversation by
a young American adult [23]. This conversational
‘reduction’ [21] is prevalent across languages and
varieties [4, 13], and it has been acoustically represented by shorter duration or deletion of segments
or syllables, shorter distance between sound categories, and less available acoustic cues in speech signals. Conversational speech in Korean is not an exception to this. Figure 1 illustrates two instances of
a common Korean word /opun/, ‘5 minutes’, pro-
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Considerable bodies of work have explored conversational speech, as reported in [13]. Nevertheless, instrumental acoustic studies are still few
for casual/spontaneous speech in non-European languages. Recent phonetic studies, however, have
started to examine the production of spontaneous
speech in less resourced languages such as Japanese
[1, 2] and Chinese [6, 9, 10, 11, 12, 8]. They reported
that casual speech in these languages does exhibit
substantial phonetic variability just like in English
and show similar cue reduction processes. In order
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to further extend the scholarship on less spoken languages, this paper examines acoustic cues in use in
Korean conversation, focusing on word-medial, intervocalic Korean stops.

2.2. Stimuli

This study examined nine Korean stop phonemes /p,
p*, ph , t, t*, th , k, k*, kh / in various intervocalic (i.e.,
VCV) environments, some of which are illustrated
in Table 2. Roughly 100 to 300 instances of intervocalic stops were extracted from each speaker’s phone
conversation, and 81 words that contain intervocalic
stop phonemes and 19 filler words were chosen for
the wordlist. Common loanwords such as /kh ʌph i/
‘coffee’, as well as native Korean words, were also
considered for this study. Stuttered words were excluded from the analysis.

Table 1: Word-initial and -medial stop contrast in
Korean

manner
lenis
fortis
aspirated

word-initial
/pul/
‘fire’
/p*ul/ ‘horn’
/ph ul/ ‘grass’

word-medial
/kuapa/ ‘guava’
/ap*a/
‘father’
h
/ap a/ ‘It hurts’

Korean stops are known for its three-way stop
contrast, as illustrated in Table 1, in which VOT
and f0 of the immediately following vowel serve
as important cues to distinguish three stop series
[15, 17, 18, 16, 3]. This multi-dimensional stop contrast is not very common cross-linguistically, and
thus raises an interesting question how the dynamic
nature of stop contrast in Korean is phonetically realized in a casual speech setting, and it is worth investigating how those cues function in casual speech in
comparison to careful speech. While domain-initial
(e.g., word-initial, phrase-initial, etc.) stops have
been extensively studied in the previous literature,
a study of word-medial, intervocalic stops can offer
new insights into Korean stop contrast, and will provide complementary documentation of the Korean
language using an innovative method of data collection in laboratory phonology. The overall goal is to
document the acoustic cues at play in conversational
intervocalic Korean stops, and add to the growing
literature on conversational speech and cue interactions in read vs. spontaneous speech.

Table 2: Conversational and read stops.

manner
lenis

segment
/p/

fortis

/p*/

aspirated

/ph /

example
/opun/
/kipun/
‘5 minutes’ ‘feeling’
/op*a/
/ap*a/
‘brother’
‘father’
/ʌʧh aph i/
/kh ʌph i/
‘anyway’
‘coffee’

2.3. Procedure

Each speaker was instructed to sit in a soundattenuated booth, phone their family member or
close friend, who is also a native speaker of Korean, using their phone and carry out a brief conversation with them in Korean for fifteen minutes.
Only one speaker held a conversation with the investigator as she could not find an interlocutor who
was available at the time of her experiment. Only
the speaker in the sound booth was consented and
recorded (44.1kHz/16-bit WAV) through the highquality head-mounted microphone (E6 Countryman)
which the speaker was wearing. Every conversation
was free conversation; no topics were offered. Following the phone conversation, speakers read a prepared list of Korean words in which each word appears three times in a random order. All the instructions were given in Korean throughout the experiment session.

2. METHODS
2.1. Participants

Ten native speakers of Korean (three males and
seven females, aged 18–24, SD=1.7) were recruited
and recorded at the Alberta Phonetics Laboratory
in the University of Alberta. Two of the speakers
moved to Canada at the age of nine and eleven respectively, but reported that they speak Korean at
home and are involved in Korean speaking communities on a regular basis. Further, the two speakers
did not behave differently from other eight speakers in terms of their productions of intervocalic stops
in two speech registers, and thus were included and
analyzed for this study. All other speakers are late
learners of English and have not lived in Englishspeaking countries until their late teens or early
twenties.

2.4. Measurements

Four acoustic cues of intervocalic stops were measured using Praat [7]: intensity drops from the amplitude peaks of neighboring vowels (henceforth intensity differences), VOT, f0 of the immediately following vowel, and closure duration. The first measure is not a cue to Korean stop contrast, but was
chosen for this study as it has been identified as a
sign of acoustic reduction of intervocalic stops, in
a way that intensity differences are smaller in casual
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speech than in reading or storytelling [22, 23]. Intensity difference was defined as the difference between
the intensity peaks of neighboring vowels and the
trough in the region of the target stop. The rest of the
measures–VOT, f0, and closure duration–are known
as primary and secondary acoustic cues in Korean
stop contrast [17, 18, 20], and thus were considered
for this study.

larger for /k/ than for the other two stops. In the collected conversation recordings, intervocalic velar lenis stops occurred in frequently used function words
such as /nɛka/ ‘I + nominative marker’ or /kɨkʌ/
‘that’. Given that function words are more susceptible to phonetic reduction than content words [14],
this might have resulted in a significantly greater effect of the velar place on intensity difference compared to other two places. Unlike lenis stops, fortis
and aspirated stops are not affected by speech styles.

2.5. Analysis

3.2. VOT

This study employed Linear Mixed Effects modeling [5] using R [19] to determine whether the acoustic signals of Korean stops are statistically significant across two speech registers. Results are reported in the following section for the fixed effects of
speech style, manner of articulation, and the interactions of style with manner and with place, as well as
the three-way interaction of style, manner and place.

Figure 3 shows the VOT values from all stops in two
speech styles. The effects of all factors and their
interactions were statistically significant: χ2 =11.4,
df=1, p<0.001 (style); χ2 =35.8, df=2, p<0.001
(style × manner); χ2 =31.2, df=2, p<0.001 (style ×
place); χ2 =42.4, df=8, p<0.001 (style × manner ×
place).

3. RESULTS

Figure 3: VOT.
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3.1. Intensity differences
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Figure 2 presents the intensity differences from all
stop series produced in two speech styles. The effects of all factors–style, manner, and place–and all
the possible interactions among them were statistically significant on the intensity difference measurement: χ2 =13.5, df=1, p<0.001 (style); χ2 =80.8,
df=2, p<0.001 (style × manner); χ2 =39.9, df=2,
p<0.001 (style × place); χ2 =32.4, df=8, p<0.001
(style × manner × place).
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What is noticeable in Figure 3 is that VOT alone
creates the three-way stop contrast in conversation,
but not in wordlist reading. Intervocalic voicing
of lenis stops in conversation, represented by negative VOT values, resulted in a more robust distinction among three stop series in conversation.
For lenis stops, VOT for /t/ and /k/ is significantly
smaller in conversation than in reading (/t/: β=0.004,
SE=0.002, t=2.3, p<0.05; /k/: β=0.008, SE=0.002,
t=3.9, p<0.01), demonstrating the conversational reduction in VOT. The effect of style is different across
stop places, in which VOT of velar lenis stops is most
affected by style. On the contrary, the VOT values
for fortis and aspirated stops were not statistically
different across two speech styles.
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Figure 2: Intensity differences.
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Lenis stops of all three places exhibit significantly smaller intensity differences in conversation
(/p/: β=11.2, SE=2.2, t=5.2, p<0.001; /t/: β=8.6,
SE=1.9, t=4.6, p<0.001; /k/: β=14.0, SE=1.5, t=9.5,
p<0.001). Intervocalic lenis stops in Korean are
susceptible to partial voicing and approximation,
which decreases the amount of deviation in intensity from neighboring vowels. Style interacts with
place, such that the effect of style is significantly

3.3. f0

Figure 4 illustrates the normalized (z-scored) f0 values from all stops in two speech styles, which shows
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that f0 does not serve as a reliable cue in either read
or conversational speech, at least word-medially. F0
tends to be higher in conversation than in reading for
fortis and aspirated stops, but there were no significant effects of place or manner. Of interest here is
that there was a significant interaction of style with
place for aspirated stops (χ2 =15.7, df=3, p<0.01), in
which /ph / and /th /, but not /kh /, showed significantly
higher f0 values in conversation than in reading.

strated the significant effect of style for all nine stop
phonemes (/p/: β=0.02, SE=0.004, t=4.8, p<0.001;
/t/: β=0.02, SE=0.004, t=5.7, p<0.001; /k/: β=0.03,
SE=0.004, t=6.7, p<0.001; /p*/: β=0.1, SE=0.01,
t=11.1, p<0.001; /t*/: β=0.1, SE=0.01, t=7.6,
p<0.001; /k*/: β=0.9, SE=0.01, t=9.6, p<0.001;
/ph /: β=0.1, SE=0.01, t=6.6, p<0.001; /th /: β=0.1,
SE=0.01, t=9.0, p<0.001; /kh /: β=0.1, SE=0.01,
t=6.3, p<0.001). All three stop series resulted in
significantly shorter closure duration in conversation
than in reading. Despite the significant decrease in
closure duration for all manners of stops, three stop
series are still contrastive in conversation.

Figure 4: f0.
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4. DISCUSSIONS AND CONCLUSION
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Taken together, the acoustic contrast of Korean stops
is maintained in both careful reading and casual conversation despite acoustic reduction in some cues.
Intensity differences come into play for both read
and conversational stops, but it serves as a more robust cue in conversation in that the acoustic reduction of intervocalic lenis stop enhances the contrast
between lenis and two other stop series. Two previously known cues in Korean stop contrast, VOT
and closure duration, also contribute to the contrast
in both speech styles, but VOT enhances the threeway contrast in conversation, whereas closure duration makes the contrast less robust. Finally, f0 does
not seem to play a role in word-medial stop contrast.
The findings from this study suggest that conversational speech is not always about acoustic reduction, and the term “reduced speech”, which is often
used interchangeably with conversational speech,
needs to be reconsidered. Conversational reduction
is not necessarily associated with reduction in contrast as it may sound, and not every aspect of conversational speech exerts reduction. As shown in this
study, represented by intensity difference in Figure
2 and VOT in Figure 3, some acoustic cues enhance
phonetic contrast across sound categories. Thus,
acoustic reduction may not be the only aspect of conversational speech research, and one should look into
conversational speech in various perspectives.
On the whole, this paper adds weight to noteworthy differences between careful reading and casual speech, and offers further insight into conversational reduction and the dynamic aspect of Korean
stop contrasts. Three stops series in Korean are contrastive in both speech styles, but in different acoustic dimensions. Furthermore, the findings from this
paper highlight the importance of diversifying language data beyond the heavily resourced languages
such as English or Dutch.
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3.4. Closure duration

Figure 5 presents closure duration values from all
stops in two speech styles. Except for the twoway interaction between style and place, all the factors and their interactions were found significant:
χ2 =27.6, df=1, p<0.001 (style); χ2 =174.2, df=2,
p<0.001 (style × manner); χ2 =0.9, df=2, p>0.1
(style × place); χ2 =68.8, df=8, p<0.001 (style ×
manner × place).
Figure 5: Closure duration.
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Closure duration, known as a secondary cue
in Korean stop contrast, successfully distinguishes
three stop series in both speech styles, as illustrated in Figure 5. Further, closure duration is the
only acoustic measure in this study that demon650
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ABSTRACT

with some authors reporting preceding vowel
duration to be primary (e.g., [8] for German), while
others have reported release burst duration to be the
strongest correlate (e.g., [6] for German; [4] for
Dutch). However, this picture is complicated by the
known presence of individual differences
([1],[2],[8]), which, though they clearly exist, remain
poorly understood. In the present study, we aimed to
investigate in Bulgarian one possible source of
individual differences that has been pointed out,
experience with a second language (L2) that allows
word-final voicing contrasts.
While it has long been acknowledged that L2
experience might have an effect on incomplete
neutralization ([5],[6],[10]), we are aware of only one
study that has tested this systematically, namely an
experiment reported in [2]. [2] explored final
devoicing in minimal pairs produced by native
Russian speakers who either lived in the US and were
bilingual in English (N=7), or were recorded in
Russia and were mostly monolingual (N=4). The two
important findings from that study for us were as
follows. First, there was incomplete neutralization
overall among Russian speakers; regardless of L2
experience, the group as a whole exhibited
incomplete neutralization effects of the typical
magnitude, and on all four of the acoustic measures
mentioned above. Second, while they found no
significant interactions based on L2 experience in this
group of 11 speakers, they found this to be because of
variation in L2 experience among the bilinguals;
when excluding bilinguals with limited L2 experience
from the comparison, a significant effect of L2
experience emerged (and on all four acoustic
measures). Indeed, individual differences in L2
English experience among the 11 bilinguals
(estimated by years spent studying English and years
spent living in an English-speaking country)
accounted for almost half the variance in incomplete
neutralization in terms of preceding vowel duration.
Thus, evidence from at least one study suggests
that incomplete neutralization effects can be sensitive
to experience with a non-devoicing language. The
goal of the present study was to extend this discussion
to Bulgarian, which to our knowledge has not been
investigated in the incomplete neutralization
literature previously. In particular, we asked the
following basic questions about word-final devoicing
in Bulgarian:

The present study examined the phonetic realization
of word-final devoicing in Bulgarian. First, we asked
whether final devoicing in Bulgarian was
phonetically incomplete. Second, we asked whether
the degree of any incompleteness was associated with
greater L2 experience in a language without final
devoicing (English), as such apparent L1 attrition has
been reported previously for Russian. Production
results from 34 native Bulgarian speakers indicated
final devoicing to be (1) phonetically incomplete, at
the group level, on two acoustic measures, and (2)
more severe in speakers with more L2 English
experience on two (other) acoustic measures.
However, the magnitude of the differences was very
small, in line with previous findings on incomplete
devoicing in other languages, and likely suggests
variation in subtle subphonemic patterns rather than
genuine attrition of a grammatical process.
Keywords:
incomplete
neutralization;
devoicing; L1-L2 interaction; bilingualism

final

1. INTRODUCTION
The present study investigated the phonetic
realization of voicing contrasts in word-final position
in Bulgarian. A generalization in Bulgarian, as in
many languages, is that both underlyingly voiced and
underlyingly voiceless obstruents surface as voiceless
when word-final, rendering words such as /ʃεf/
(‘boss’) and /ʃεv/ (‘seam’) to be pronounced as
apparent homophones, [ʃεf]. However, in studies of
various languages over the years, such phonological
neutralization has been shown incomplete, in that
small phonetic differences surface in the direction
expected for the underlying form. For example, in the
majority of work done on German, minimal pairs like
/ʁa:d/ (‘wheel’) and /ʁa:t/ (‘council’) are both realized
as [ʁa:t], but underlying /ʁa:d/ will tend to have
shorter duration for the final stop closure, a shorter
release burst, a longer preceding vowel, and/or more
extensive voicing into closure. The differences are
usually found to be statistically significant, but very
small in magnitude, on the order of 10–20
milliseconds at most. It remains a matter of debate
which of these acoustic parameters is the strongest or
most reliable correlate of the underlying contrast,
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1. Is final devoicing in Bulgarian phonetically
incomplete?
2. Is there an effect of L2 experience on the
(in)completeness of final devoicing?
3. What, if any, acoustic measures are most
relevant?

to mask the purpose of the experiment (see also [2]).
Words were arranged in one of two
pseudorandomized lists that placed members of any
minimal pair at least 6 items apart, with a
semantically-related filler word following each target
word. PowerPoint slides were created that contained
(in Bulgarian Cyrillic orthography) each test and filler
item first in isolation and then again in a simple
carrier sentence (“Моля кажете ___ още веднъж”,
‘Please say ___ again’), although the analyses here
are limited to isolated productions.

We explored these questions in a production study in
Bulgarian, with American English being the nondevoicing L2 in question. We strongly predicted the
answer to question (1) to be in the affirmative;
incomplete neutralization effects of some kind have
been reported for the vast majority of final devoicing
languages studied previously, and we did not have a
reason to expect Bulgarian to be different. The
answers to the other questions, however, were rather
more exploratory. With respect to (2), we predicted
that any effect of L2 English, a language with final
voicing contrasts, would be in the direction of less
phonetically complete devoicing in L1 Bulgarian, but
only one previous study has confirmed this, and it was
for Russian (and contained relatively few speakers).
With respect to (3), previous work provides even less
basis for strong predictions regarding the relative
importance of specific cues, for some of the reasons
(i.e., sample size, individual differences) mentioned
above. However, we note that some authors have
claimed preceding vowel duration to be most reliably
targeted by incomplete neutralization ([8]), and in
fact [2], as mentioned above, found incompleteness in
terms of preceding vowel duration to be the most
strongly related to L2 English experience in Russian.

2.1.2. Participants
Participants analysed were 34 native speakers of
Bulgarian, all of whom had some degree of English
language proficiency. We operationalized L2 English
experience as a speaker’s country of residence. Half
of the speakers were recruited in the US and had lived
there for one year or more; the other half were
recruited in Bulgaria and had not lived in an Englishspeaking country. We refer to the groups as Englishambient vs Bulgarian-ambient, respectively. Englishambient speakers consisted of 11 males/6 females
ages 19-66 (mean= 34.9) who had been living from 1
to 19 years in the US (mean=8.4). Bulgarian-ambient
speakers consisted of 9m/8f ages 18-22 (mean=19.5).
2.1.3. Procedure
Speakers were recorded in a sound-attenuated
environment at either the University of California,
Los Angeles in the USA or Sofia University in
Bulgaria. Speakers read aloud three repetitions of the
word list (in different orders) at their own pace; the
present analyses are based on the second and third
repetitions. Files were digitally recorded (22.05kHz)
and stored as wav files for later acoustic analysis.

2. EXPERIMENT
2.1. Methods

2.1.1. Materials
The data analysed and presented here were part of a
larger study of the phonetic realization of neutralizing
patterns in Bulgarian, which included minimal pairs
related to both final devoicing and vowel reduction.
Relevant to our purposes here were the 13 minimal
and near-minimal pairs for word-final voicing
contrasts, which included 8 pairs with final stops
(e.g., /kub/ ‘cube’, /kup/ ‘bundle’; /rɔɡ/ ‘horn’, /rɔk/
‘rock’; /pɔd/ ‘beneath’; /pɔt/ ‘sweat’) and 5 with final
fricatives (e.g., /ʃεv/ ‘seam’, /ʃεf/ ‘boss’; /kɔz/ ‘trump
card’ /kɔs/ ‘blackbird’; /prav/ ‘straight’, /ɡraf/
‘count/earl’), all of which corresponded to some
morphologically related form in the language that
revealed the underlying voicing. These finaldevoicing target words were part of a list that also
included 20 minimal pairs for reduction of unstressed
vowels (e.g., /bɔˈdi/ ‘stitch’, /buˈdi/ ‘wake up’) and 71
filler items that did not involve either neutralizing
process and were semantically related to target words

2.2. Analyses

We considered the four standard acoustic measures:
duration of closure or frication (in the case of final
obstruents); duration of vowels preceding final
obstruents; duration of release bursts (for stops in
which a release was visible in the waveform; this
included both the transient and the subsequent portion
of aspiration noise); and the duration of voicing into
final obstruent closure/ frication. Measurements were
done manually. Mixed-effects linear regression was
used to test for a relation between underlying voicing
(a binary categorical variable) and each acoustic
measure. For each acoustic measure we also probed
for effects of L2 experience by testing whether an
interaction between underlying voicing and ambient
language improved model fit, and if so, whether that
interaction was significant in the model. In case the
lack of a significant interaction was due to statistical
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Figure 1: Summary of durational measures for target words with underlying voiceless (white) or voiced (grey)
final obstruents. Boxplots group speakers based on the ambient language in their country of residence.

duration of voicing into final obstruent closure for the
group as a whole, with underlyingly voiced final
obstruents showing evidence for phonation through
about 12% more of their duration on average
(est.=12.1, SE=4.5, t=2.71, p<.01). Worth noting,
and apparent in Fig 1, is that a considerable number
of underlyingly voiced tokens were in fact more than
60% voiced. On average, the effect was only one
percent larger for English-ambient speakers
compared with Bulgarian-ambient speakers, and thus
unsurprisingly, an interaction term between
underlying voicing and ambient language did not
contribute to the model (χ2(2)=1.023, p>.1) and there
was no main effect of underlying voicing when the
two ambient language groups were modelled
separately (p>.1 in both cases). Finally, among
English-ambient speakers, there was no significant
interaction between underlying voicing and length of
residency in the US (est=1.7, SE=1.1, t=1.65, p>.1).

power, we tested for an effect of underlying voicing
on each acoustic measure by modelling the two
ambient language groups separately. Modelling was
carried out on both raw and z-normalized
measurements, but we present the non-normalized
results as statistical patterns did not differ in any case.
2.3. Results

2.3.1. Release burst duration
A visual summary of the acoustic findings is shown
in Fig 1. Weakly consistent with incomplete
neutralization, an effect of underlying voicing on
release burst duration was marginally significant for
the group as a whole, with underlyingly voiced stops
having shorter releases than underlyingly voiceless
ones, a difference of approximately 12 milliseconds
on average (est.=-12.1, SE=6.9, t=-1.75, p<.1).
There was a trend towards this incompleteness being
slightly greater in Bulgarian-ambient speakers than
English-ambient speakers (a difference of about 5 ms
on average), but an interaction between underlying
voicing and ambient language did not improve model
fit (χ2(2)=.676, p>.1), and there was no significant
main effect of underlying voicing when release burst
duration was modelled separately for the two ambient
language groups (p>.1 in both cases). This would
seem to suggest that an effect of underlying voicing
on release burst duration is a mere trend, and a very
small one indeed, only detectable when all 34
speakers are combined. Among English-ambient
speakers, there was no significant interaction between
underlying voicing and length of English residency
(est.=4.0, SE=6.4, t=.629, p>.1).

2.3.3. Final obstruent duration
Although there was a numerical trend in the direction
of underlyingly voiced obstruents being shorter by
about 15 ms than underlyingly voiced ones for the
whole group, this was not significant (est.=-15.0,
SE=14.9, t=-1.0, p>.1). The size of this trend was
only about 2 ms greater for English-ambient speakers
than Bulgarian-ambient speakers on average and an
interaction testing this didn’t improve the model
(χ2(2)=0.142), nor was a main effect apparent when
modelling groups separately (p>.1 in both cases).
However, among English-ambient speakers, an
interaction between voicing and length of US
residency contributed to model fit (χ2(2=)7.89, p<.05)
and was significant (est.=-1.8, SE=.7, t=-2.49, p<.05).
To further illustrate this pattern, we plotted
correlations between the size of incomplete
neutralization effects (i.e., the mean difference in

2.3.2. Voicing into closure/frication
Consistent with incomplete neutralization, there was
a significant main effect of underlying voicing on the
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duration (accounting for approximately 1/4th of the
variance across speakers).

Figure 2: Degree of incomplete neutralization for each
English-ambient speaker as a function of length of US
residence. Plot shows the difference in each speaker's
mean final obstruent duration (white) and preceding
vowel duration (black) for words in the underlying
voiced condition relative to those in the voiceless
condition. Stronger incomplete neutralization is thus
indicated by negative values for final obstruents and
by positive values for preceding vowels.

Average Durational Difference (ms)
Voiced Condition – Voiced Condition

50

Preceding Vowels
Final Obstruents

3. DISCUSSION & CONCLUSION
The results of the present study provide evidence that
word-final devoicing in Bulgarian is phonetically
incomplete, as previous studies have found for
several other languages. In line with most of that
work, the effects were quite small; although each of
the acoustic measures we tested showed numerical
differences in the direction of incompleteness, grouplevel statistical support was only clearly obtained for
the proportion of voicing into closure. This is likely
due both to the small size of incomplete neutralization
effects generally, but also the considerable variation
across speakers. We also found, however, that L2
experience in a language that lacks final devoicing,
namely English, predicted some of this cross-speaker
variation. In particular, while comparison across
English-ambient and Bulgarian-ambient groups did
not reveal significant differences, closer inspection
within English-ambient speakers did, since length of
US residence (a rough measure of L2 experience) was
fairly strongly related to the degree of incomplete
neutralization in terms of obstruent and vowel
duration. This finding, which closely resembles a
finding [2] reported for their Russian-English
bilinguals, suggests that incomplete neutralization
may only be sensitive to relatively high levels of L2
experience. However, we also note that even among
speakers with extensive L2 experience, the
consequence seems to be slight increases in typical
incomplete neutralization effects rather than
something
approaching
categorically-voiced
realizations. We think this suggests that these L2related differences reflect subtle modifications to
subphonemic effects rather than attrition of
phonological knowledge, and may lend further
support to arguments that incomplete neutralization
in general reflects speech production’s sensitivity to
subtle patterns related to lexical activation rather than
coarse underlying phonological representations ([3]).
Further study of individual differences, in particular
those arising from bilingual experience, may thus
help address the long-standing problem of the
mechanisms underlying incomplete neutralization
([3],[6],[7], [8], [9], [11]).

R2 = .27
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-25
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-50
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10

20

Length of Residence in the US (Years)
final obstruent duration in underlyingly voiced items
relative to underlyingly voiceless items) for each
speaker against their length of residence in the US. As
seen in Fig 2, we found length of US residence to
account for approximately 1/5th of the variance across
speakers. Fig. 2 also plots the findings for preceding
vowel duration, to which we now turn.
2.3.4. Preceding vowel duration
The pattern of results for preceding vowel duration
resembled that for final obstruent duration. Again,
although vowels preceding underlyingly voiced stops
were on average about 10 ms longer than those
preceding voiceless ones, a main effect of voicing
wasn’t significant for the group (est.=9.9, SE=8.2,
t=1.2, p>.1). On average, the difference was about 3
ms longer for English-ambient speakers than for
Bulgarian-ambient speakers, but an interaction
between underlying voicing and ambient language
didn’t improve model fit (χ2(2)=1.882) and no
significant main effect of underlying voicing was
obtained when modelling ambient lang. groups
separately (p>.1 in both cases). However, among
English-ambient speakers, an interaction between
underlying voicing and length of US residence
marginally improved model fit (χ2(2)=5.38, p<.1)
and was significant in the model (est.=1.3, SE=.52,
t=2.48, p<.05). As seen in Fig 2, speakers with longer
residence in the US were associated with a larger
effect of underlying voicing on preceding vowel
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ABSTRACT
The Voice Onset Times of word-initial Korean
aspirated stops vary systematically as a function of
the laryngeal feature of the onset of the following
syllable. Precisely, VOT of a word-initial aspirated
stop is shorter when the next syllable begins in an
aspirated stop than when the next syllable begins in a
lenis stop. The current study is aimed at testing two
competing hypotheses to account for such VOT
shortening in Korean aspirated stops, namely
phonetic OCP[1, 2] or conforming to languagespecific isochrony[3, 4]. VOT, f0, and spectral tilt
were measured from productions of C1 in /C1VC2Vta/,
where the laryngeal properties of C1 and C2 were
orthogonally varied among lenis, tense, and aspirated.
Results suggest that isochrony can account for VOT
shortening, while no phonetic dissimilation was
found from phonetic measures other than VOT.
Keywords: VOT, Korean three-way contrast,
phonetic OCP, interval, speech timing.
1. INTRODUCTION
Avoidance of similarity (e.g., OCP) and its relevance
has been an important focus in the phonological
literature, in particular, to account for phonotactic
constraints against identical phonemes occurring
within a certain phonological domain [1]. In
monosyllabic native-Korean, aspirated consonants
may not co-occur within a stem [5], and the author
accounted for this laryngeal cooccurrence restriction
as aspirated C2 blocking aspirated C1 in C1VC2 stems.
Laryngeal co-occurrence restrictions are widely
attested across languages [6, 7]. Gallagher [7]
identified three patterns of laryngeal cooccurrence
restrictions, namely assimilatory (tautomorphemic
stops must have the same laryngeal feature),
dissimilatory (stops of the same laryngeal feature do
not occur within a root morpheme), and mixed
patterns (homorganic stops must have the same
laryngeal feature but non-homorganic stops must not
have the same laryngeal feature). Avoidance of AspV-Asp sequences in native Korean monosyllabic
stems would be one case of dissimilatory laryngeal
cooccurrence.

However, avoidance of Aspirated stop(henceforth
Asp)-V-Asp in native Korean stems may qualitatively
differ from laryngeal cooccurrence restrictions found
from other languages. First, the constraint against two
consecutive aspirated stops is only found in one
specific stratum of the lexicon. In other strata of the
lexicon, a sequence of aspirate onsets within a
monomorphemic word is widely found from other
strata of the lexicon, such as loanwords (e.g.,
/khʌmphjuthʌ/ “computer”) or Sino-Korean words
(e.g., /phokhæŋ/ “violence”). In addition, the
constraint against Asp-V-Asp is valid only for
monosyllabic stems thus morphologically complex
words that are of native Korean origin may still have
an Asp-V-Asp sequence.
A recent study by Oh and Kim [2] addressed
the question of how Asp-V-Asp sequences are
phonetically realized. In particular, they focused on
the marked status of Asp-V-Asp sequences in the
native stratum of the Korean lexicon [5] and
examined whether such sequences are “phonetically
repaired.” They found that Oejeol-initial Asps have
shorter VOTs when followed by another Asp,
suggesting that the shortening of VOT might suggest
dissimilation or phonetically repairing a marked
structure. In the current study, we argue that the
shortening of VOTs in the first Asps in the Asp-VAsp sequences can be better explained by an account
appealing to the timing regularity in the language,
rather than phonetic OCP.
The rest of the paper is organized as follows. In
section 2, we reinterpret the data in [2] and provide
pieces of evidence suggesting that dissimilation does
not fully account for the phonetic variability of
Korean stop production. In section 3, we provide an
alternative account for the observed variability, and
argue that the timing account is simpler and more
comprehensive. Section 4 concludes the paper.
2. REVIEW OF OH AND KIM (2016)
Oh and Kim [2] had 18 Korean speakers (10 Seoul
speakers and 8 Gwangju speakers) produce threesyllable nonsense words in carrier phrases, /iketto
C1aC2ata/ or /iketto C1alata/. C1, and C2 had same
place and laryngeal features. They measured VOT of
C1, VOT of C2 (Not discussed in [2]), f0 and spectral
tilt of /a/ between C1 and C2. Both measures were
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made at 10% point of the vowel. VOT of C1 is
summarized as Table 1 below.

dissimilation) is burdened to explain why only VOT
was affected by a nonlocal C2 but no other phonetic
properties were affected by C2.

Table 1: VOT of C1 stops, data from [2].

Dialect
Seoul

C1
Lenis

C2
Lenis
Lateral
Aspirated Aspirated
Lateral
Tense
Tense
Lateral
Gwangju Lenis
Lenis
Lateral
Aspirated Aspirated
Lateral
Tense
Tense
Lateral

Table 2: f0 and spectral tilt of C1 stops, data from
[2]

C1 VOT (ms)
62.73
76.36
43.10
81.06
20.04
25.12
59.37
76.01
42.33
73.93
20.88
28.02

Dialect

C1

C2

Lenis

Lenis
Lateral
Aspirated
Lateral
Tense
Lateral
Lenis
Lateral
Aspirated
Lateral
Tense
Lateral

Seoul
Aspirated
Tense
Lenis
Gwangju
Aspirated

As can be seen from Table 1 above, VOT of aspirated
C1 is shorter when C2 was an aspirated stop than when
C2 was a lateral stop in both dialects. VOTs were
submitted to a mixed-effects linear models where C1
and C2 were fixed effects and talker and place of
articulation were random effects. A series of pairwise
comparisons using TukeyHSD tests revealed that the
~33ms difference in VOTs of Asp C1 between
Asp(C1)-V-Asp(C2) and Asp(C1)-lateral(C2) was
statistically significant at alpha level of 0.05 (β = 33.90; z = -4.25; p < 0.001), confirming that the VOT
of Asp(C1) is shorter before Asp(C2) compared to
lateral (C2). In contrast, for lenis and tense stops,
VOTs did not differ as a function of C2.
Readers may wonder whether the observed
pattern is due to the fact that C1 and C2 were identical
and the repetition of the same aspirated stop (i.e.,
repetition of the identical segment, as opposed to the
same laryngeal feature) was causing VOT shortening
in Asp(C1)s. In [2], the authors reported that they
found a similar magnitude of VOT shortening from a
spontaneous speech corpus of Seoul Korean, even C1
and C2 were not identical, suggesting that the effect
is likely to be due to the repetition of laryngeal feature,
not the repetition of an identical segment. Apparently,
the “shortening” of C1 VOT in Asp(C1)-V-Asp(C2)
sequences seems to suggest that the dissimilation
account in [2] is accurate. However, f0 and H2-H1
measured at 10% point of the vowel between C1 and
C2 summarized in Table 2, may suggest otherwise.
A series of comparable mixed-effects models
tested whether and to what extent f0 and H2-H1 of C1
varied as a function of C2. Interestingly, none of the
two phonetic properties differed as a function of C2,
suggesting that no dissimilative effects were found.
In other words, an OCP-style account (i.e.,

658

Tense

f0
(Hz)
170
170
227
232
216
213
130
125
183
186
158
171

H2-H1
11.55
10.91
11.36
11.10
8.39
7.04
8.26
8.43
9.49
10.65
4.65
2.69

Yet an alternative explanation is possible. One
possible explanation for this pattern is that the
primary cue—f0—to laryngeal distinction in Korean
[8] stays constant, while secondary cues vary as a
function of other properties. Still, such an account
does not predict why H2-H1, which is a secondary
cue compared to f0, stays stable across the C2
conditions. For these reasons, we argue that
dissimilation does not provide a simple and
comprehensive account for VOTs in Korean. In
Section 3, we provide an alternative explanation for
the reported variability.
3. ISOCHRONY IN SPOKEN LANGUAGES
In this section, we argue that an account based on the
speech timing can better explain the VOT modulation
found in [2] and summarized in section 2. First of all,
the appeal to timing removes the theoretical burden to
explain why VOT of C1 was the only phonetic
property affected by C2. Second, independent
evidence suggests that C1 affects V1 duration [9, 10]
and C2 affects V1 duration in C1-V1-C2-V2-sequences
[11]. If this is the case, C2 may influence duration of
V1, and possibly, duration of C1 as well. In order to
examine whether C1 and C2 predicts duration of
neighboring segments, we measured durations of /a/
between C1 and C2, closure duration of C2, and VOT
of C2 from data generated in [2], Experiment 2 of
which the participants were 10 Gwangju Korean
speakers and the task was to read /iketto C1aC2ata/ or
/iketto C1alata/ three times in a random order, where
C1 and C2 had same or different laryngeal features but
had identical place feature. (i.e., thus, when C1 was

/k/, there were four different types of stimuli:
/kakata/,/kak’ata/,/kakhata/, and /kalata/.) Table 3
summarizes the duration of V1 and C2 closure; Table
4 summarizes VOTs of C2.

100.15 ms for lenis C1; M = 95.41 ms for aspirated C1;
M = 95.93 ms for tense C1; pairwise comparisons
revealed significant differences between tense and
lenis C1 conditions), suggesting that duration of C1
influences that of C2 vice versa. To further examine
durational properties of C2, as a function of C1 and C2,

Table 3: Duration of V1 and C2 closure

C1

C2

V1
(ms)

Lenis

Lateral
Lenis
Aspirated
Tense
Lateral
Lenis
Aspirated
Tense
Lateral
Lenis
Aspirated
Tense

89.27
67.42
52.86
52.32
85.59
82.38
46.45
67.19
140.10
124.40
108.44
76.47

Aspirated

Tense

C2
closure
(ms)
NA
45.90
111.29
141.70
NA
47.52
103.71
135.47
NA
45.85
111.34
126.40

Table 4: VOT of C2

C1
Lenis

Aspirated

Tense

C2
Lenis
Aspirated
Tense
Lenis
Aspirated
Tense
Lenis
Aspirated
Tense

C2 VOT (ms)
15.69
62.30
14.44
15.97
54.94
15.74
16.02
69.01
14.78

As can be seen from Table 4, VOT of aspirated C2s
differ as a function of C1. Similarly to the shortening
of aspirated C1 VOT reported in [2], VOT of aspirated
C2 was also shorter after an aspirated C1, suggesting
that the influence of non-local Cs is bidirectional.
Statistical analyses revealed that the VOTs of
aspirated C2 after an aspirated C1 was significantly
shorter than VOTs of aspirated C2 after a lax C1 (β = 7.20; z = -3.19; p < 0.01) and VOTs of aspirated C2
after a tense C1 (β = 13.82; z = 6.07; p < 0.001).
An account based on dissimilation cannot
account for this bidirectional “shortening” of VOTs
of aspirated stops without stipulation, since VOT of
C1 and C2 eventually became similar to each other via
shortening. One could potentially theorize the VOT
patterns by first positing a VOT shortening,
dissimilation rule of which the trigger is aspirated C2
and target is aspirated C1, which feeds assimilatory
shortening of C2 VOT. However, such an account
lacks a consistent motivation for duration modulation.
To summarize, we found that duration
modulation in Korean stops and intervening vowels.
To account for such modulation, a domain that is
longer than a syllable is required, since onsets of one
syllable condition duration of onset of a following
syllable.
There have been proposals suggesting that
vowel to vowel interval forms an integral unit in
phonetics and phonology [3, 4]. For instance, [4]
suggested that phonetic duration of vowel to vowel
interval predicts stress placement in American
English. Similarly, interval was found to be a better
predictor of stress in Portuguese than syllables [12].
Although not much is known regarding the rhythmic
unit of spoken Korean, there have been debates as to
whether Korean is stress-time, mora-timed, or

Duration of V1 was found to differ systematically as
a function of C1. Vowels following lenis (M = 65.39
ms) and aspirated (M = 70.58 ms) stops were shorter
than vowels following tense stops (M = 112.18 ms)
and pairwise comparison revealed that all three levels
were significantly different from each other at alpha
level of 0.05.
V1 duration also differed as a function of C2.
Vowels followed by laterals were, overall, longest (M
= 104.97 ms); vowels followed by a lenis stop (M =
90.52 ms) were longer than vowels followed by
aspirated (M = 69.12 ms) or tense (M = 65.21 ms)
stops. Pairwise comparisons revealed that V1 duration
did not differ between when C2 was aspirated and
when C2 was a tense stop, but all other differences
were found to be statistically significant. These
results confirm that aspirated and tense C2s shorten
the duration of preceding V1 [11].
Variation in V1 duration caused by
neighboring segments, C1 and C2, suggests that the
motivation for duration modulation in Korean is not
limited the domain of a syllable. In the stimuli, C1 and
C2 are onsets of two different syllables yet C2 affected
the duration of the vowel, which is the nucleus of a
syllable preceding C2. Moreover, limiting the domain
to a syllable cannot account for why C2 conditions
VOT of C1. Considering these observations, we also
measured closure duration and VOTs of C2.
Closure duration of C2 was found to be
conditioned by C2 (M = 46.43 ms for lenis C2; M =
108.80 ms for aspirated C2; M = 134.57 ms for tense
C2; pairwise comparisons revealed significant
differences across all levels) as well as C1 (M =
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syllable timed. Results are inconclusive, as different
measures led to different conclusions [13, 14]. We
focused on the shortening of aspirated C1 VOT before
tense and aspirated C2, and hypothesized that V to V
interval, which is the sum of V1 duration, C2 closure,
and C2 VOT may predict VOT of C1. Figure 1
summarizes how V-to-V interval and VOT are related.
Figure 1: V-to-V interval and VOT of C1. Letters
on the plot corresponds to C2.

As can be seen from Figure 1, we find that the longer
the V-to-V interval is, the shorter C1 VOT is within
the same C1, suggesting that the inverse relationship
might help V-to-V interval predict VOT of C1.
However, in order to evaluate whether this trend is a
reliable predictor of C1 VOT, a future study focusing
on the variation of V-to-V interval (e.g., VOT of C1
in C1VCCV vs. C1VCV) is needed.
4. CONCLUSIONS
In this study, we reexamined VOT shortening of
Korean aspirated stops. Aspirated stops are typically
considered as a stop category that is distinguished by
long VOT and the long VOT of aspirated stops have
been confirmed in productions of onset of
monosyllables. However, in this study, we showed
that in word initial positions, due to non-local C to C
coarticulation or timing modulation, VOT of
aspirated stops can be shorter than VOT of lenis stops.
An account that is based on dissimilation cannot
account for bidirectional shortening of VOTs of
aspirated stops and does not predict why VOT, but
not other phonetic properties, are modulated by
laryngeal features of C1 and C2. In contrast, appealing
to timing such as V-to-V interval predicts why VOT
is modulated by C1 and C2. However, further research
is needed to determine why such relationship between
timing units (or some type of isochrony) is found
from speech. We leave this question for future
research. (We are in the process of examining the
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extent to which V-to-V interval predicts segment
duration in read speech as well as in spontaneously
spoken present day Seoul Korean.)
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ABSTRACT

instantiation and inherent variability in the speaker’s
L1 [29]. For example, the degree of variation in voice
onset time (VOT) of voiced and voiceless consonants
largely reflects the typical distribution of VOT in the
native language: native Mandarin speakers produced
Japanese voiceless stops with more variable VOT and
Japanese voiced stops with less variable VOT relative
to native Japanese speakers [29]. While Mandarin
speakers primarily produced short-lag VOT values
for Japanese voiced stops, Japanese speakers
employed both lead and short-lag VOT.
These findings highlight the fact that variability
in L2 speech is not random. Limited variation in part
reflects properties of the L1 system, which may be
inherently less variable than the L2 system.
Moreover, to the extent that listeners adapt to L2
speech in perception, variability cannot be
unconstrained within the phonetic system [1]. Mutual
intelligibility between native and non-native speakers
indicates that aspects of the L2 phonetic system must
be preserved, even if individual segments have a nonnative realization. These observations lead to the
question as to how linguistic, structural factors in the
phonetic system may constrain variability in L2
speech.
In the present study, we investigated constraints
on variability in L2 English VOT in the realization of
word-initial, prevocalic voiceless stop consonants.
Previous research has identified strong, positive
relationships between talker-specific mean VOTs and
corresponding standard deviations, indicating
increased variability with longer means [7, 28]. There
are also well-known systematic relationships of VOT
across place of articulation, in which VOT generally
increases with more posterior places of articulation
[6, 19]. Chodroff & Wilson [8] identified that the
VOT relationship across place of articulation is much
tighter than might be expected given a mere ordinal
constraint requiring the VOT of /p/ to be less than the
VOT of /k/: talker mean VOTs strongly covary
among place of articulation, indicating mutual
predictability between an individual’s stop-specific
VOT values. Systematic investigation of these
phenomena, however, has largely been limited to L1
speech production.
The current study therefore examined whether L2
English speakers maintained systematic relationships
in VOT that have been observed in the realization L1
English /ptk/. L1 English /ptk/ in word-initial position

Non-native speech production is frequently
characterized by its deviation from native
pronunciation. Among segments, previous work has
largely focused on describing the separation between
native and non-native speakers at the level of
individual phonetic categories. An additional
hallmark of L1 pronunciation is the presence of
systematic relationships within and among phonetic
categories. For example, mean voice onset times
(VOT) strongly covary among aspirated stop
consonants across L1 speakers of American English.
The present study examined whether L2 English
speakers from various L1 backgrounds differ from
native speakers in the relationship of VOT among
word-initial /ptk/. Despite differences in the overall
realization, L2 speakers resembled native English
speakers in the degree of VOT covariation between
stop-specific means and variances, as well as between
/ptk/. These findings have important implications for
the perception of accented speech, as listeners could
employ structured relationships to facilitate
adaptation despite non-native realizations of
individual phonetic categories.
Keywords: voice onset time, L2 English, uniformity,
speaker variation, corpus phonetics
1. INTRODUCTION
Conventional knowledge holds that L2 speech is
more variable than L1 speech: contributing factors
include unfamiliarity and uncertainty in the necessary
gestures and phonetic targets for native-like
realizations [4, 22, 24, 31]. Indeed, non-native speech
production is frequently characterized by its deviation
from native pronunciation [12, 27, 30]. Among
segments, previous work has largely focused on
describing the separation between native and nonnative speakers at the level of individual phonetic
categories as quantified by perceived production
accuracy by native listeners [e.g., 10–11, 13] or by the
phonetic degree of separation between native and
non-native realizations [e.g., 1–2, 11, 14, 18].
More recent work has demonstrated that L2
speech is not always more variable than L1 speech.
Variation can instead depend on factors such as the
linguistic feature under analysis, as well as its
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is notably produced with aspiration, which manifests
acoustically as long-lag VOT. The L2 speakers in the
study come from varied L1 backgrounds: while all
represented L1s have a voiceless stop series with all
three places of articulation, several L1s are nonaspirating languages with short-lag VOT (e.g.,
French, Spanish). Most speakers produced long-lag
VOTs, yet the variability in overall VOT was
nonetheless greater across L2 speakers than across L1
English speakers. Critically, L2 speakers resembled
native English speakers in the degree of VOT
covariation between stop-specific means and
variances, as well as among the voiceless stop
categories.

to 10 ms. The word ‘to’ was omitted from analysis
because of its tendency to undergo reduction.
An estimate of the automatic boundary error was
obtained through manual measurement of 638 stop
consonants, randomly selected (~5% of stops under
analysis). Of the manually measured stops, 12
instances did not contain a stop release, and were
therefore removed. The RMS error between the
automatically and manually aligned VOTs was 16 ms
(/p/: 27 ms, /t/: 20 ms, /k/: 14 ms). An additional 567
VOTs with values equal to the minimum permissible
duration of 10 ms were hand-corrected. Of those, 59
instances were removed for lacking a stop release.
VOT was measured as the duration between the
AutoVOT-defined boundaries or when available, the
manually defined boundaries. For each speaker,
values 2.5 standard deviations beyond the mean were
considered potential measurement errors and
excluded (145 values). A total of 12,624 stops was
available for analysis. Per speaker, there was a
maximum of 28 /p/s, 26 /t/s, and 47 /k/s, and the
median number per speaker was within one to two
tokens of the maximum.

2. METHODS
2.1. Corpus description

The present analysis employed connected speech in
English from L1 and L2 English speakers. The data
were obtained from the Archive of L1 and L2
Scripted and Spontaneous Transcripts and
Recordings (ALLSSTAR) Corpus, which contains
connected and spontaneous English speech samples
from over 100 L1 and L2 speakers of English [3].
Though not analyzed here, the corpus also includes
matched L1 recordings for each L2 English speaker.
The connected speech subset of the corpus contains
five production tasks: two Hearing in Noise tasks (60
sentences each), a sample from the United Nations
Declaration of Human Rights (20 sentences), a
sample from the short story Le Petit Prince (30
sentences), and The North Wind and the Sun passage
(4 sentences). These tasks were completed by 140
speakers from the Northwestern University
community. There were 26 native, monolingual
speakers of American English (14 female) and 102 L2
English speakers (36 female), representing 19
language backgrounds. These were Cantonese (14
speakers), Farsi (3), French (1), German (2), Gishu
(1), Greek (1), Gujarati (1), Modern Hebrew (4),
Hindi (5), Indonesian (1), Japanese (3), Korean (11),
Mandarin (16), Brazilian Portuguese (5), Runyankore
(1), Russian (5), Spanish (11), Turkish (13), and
Vietnamese (4).

3. RESULTS
The results section is organized as follows: we first
present the summary statistics for talker VOT means
and standard deviations (SD), followed by the
analysis of VOT relationships. The VOT relations
considered here were the covariation between talker
mean and SD, the ordinal relationship of VOT means
across place of articulation, and the covariation of
talker mean VOTs among place of articulation.
The mean and range of talker VOT means for L1 and
L2 speakers are presented in Table 1 and shown in
Figure 1. L2 speakers produced a range of VOT
means, spanning traditional short-lag to long-lag
VOT values. Several, though not all, L2 speakers
which lack aspiration in their L1 were nevertheless
capable of producing VOT within the long-lag region.
For example, two native Spanish speakers had
average VOTs around 68 ms, even though Spanish
voiceless stops are produced with short-lag VOT.
Exactly 15 L2 speakers had average VOTs below 35
ms. (We used 35 ms as a rough boundary between
short-lag and long-lag VOT as this value reflects a
general auditory boundary in human and animal stop
perception [16].) The native languages of those
speakers were Greek (1 speaker), Hindi (4), Japanese
(1), Brazilian Portuguese (3), Runyankore (1),
Russian (1), Spanish (3), and Turkish (1). Apart from
Hindi and to some extent Japanese, these languages
are typically described as having unaspirated stop
consonants. The segmental inventory of Hindi
contains aspirated stop consonants [20]; however,
four out of five Hindi speakers had average English
VOTs less than 35 ms. Japanese stop consonants have

2.2. Stop segmentation and measurement

The script for each task was automatically aligned to
the audio files using the FAVE-align system [23]. The
boundaries of word-initial, prevocalic voiceless stop
consonants were further refined with AutoVOT,
which returns the optimal boundaries corresponding
to the stop release and following vowel onset within
a pre-specified window of analysis [15]. To set the
window of analysis, the original boundaries from
FAVE were extended an additional 30 ms in each
direction, and the minimum permissible VOT was set
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variably been described as unaspirated or moderately
aspirated with intermediate VOT [21].

Moreover, L2 English speakers may nevertheless
preserve relationships among /ptk/ that are similar to
L1 speakers even if the ordinal rankings differ
slightly. As shown in Figure 1, correlations of talker
mean VOTs between place of articulation were quite
strong (rs > 0.70; ps < 0.001), and did not
significantly differ in magnitude between L1 and L2
speakers (zs: /p/-/t/ 0.39, p = 0.70; /t/-/k/ 0.87, p =
0.87; /p/-/k/ -0.29, p = 0.77).

Table 1: Mean and range of speaker VOT means
(ms) for L1 and L2 English speakers.

Group
L1
L2

/p/
/t/
/k/
54 (34-65) 69 (46-93) 60 (41-79)
42 (12-83) 56 (11-100) 59 (24-90)

While L2 speakers exhibit a much larger range of
VOT means than L1 speakers, previous research has
indicated structure in the relationship between the
mean and SD in L1 English VOT [7]. Talker-specific
means and SDs were moderately correlated within
each stop category for L1 speakers, though the
correlation for /t/ did not reach significance at a
Bonferroni-corrected alpha of 0.008 (rs: /p/ 0.56, p =
0.003, /t/ 0.46, p = 0.04, /k/ 0.56 p = 0.003).
Correlations were moderate to strong and significant
for L2 speakers (rs: /p/ 0.75, /t/ 0.63, /k/ 0.72, ps <
0.008). Though the correlations are numerically
stronger across L2 speakers, no significant difference
was observed in the correlational magnitudes
between L1 and L2 speakers for /p/ (p = 0.14), /t/ (p
= 0.28), or /k/ (p = 0.22), as assessed using Fisher’s rto-z transformation. Overall, correlations between the
mean and SD may be stronger among short-lag
productions (or for lower VOTs more generally),
which accords with the strong correlations found for
English short-lag stops /bdg/ [7].

Figure 1: Correlations of talker VOT means
between a) /p/ and /t/, b) /t/ and /k/, and c) /p/ and
/k/ across L1 English speakers (×) and L2 English
speakers (⋅) with the best fit linear regression lines
for each group (L1 = solid, L2 = dashed). The
marginal histograms reflect the range of talker VOT
means for each stop category.
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Table 2). Among L1 speakers, the VOT of /k/ was
most often shorter than the VOT of /t/. Previous
studies have reported deviation from the canonical
ranking between /t/ and /k/ for several varieties of
English (American: [8, 32]; British: [9, 26]). The
ranking between /t/ and /k/ among L2 speakers was
relatively more variable than between other stop
pairs, but unlike native English speakers, most
speakers preserved the canonical ranking of /t/ < /k/.
Though L1 English speakers had a longer VOT
for /t/ than /k/, the ordinal rankings fail to reveal the
extent to which /k/ exceeds /t/, and whether this
difference is realized consistently across speakers.
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Simple linear regressions were also fit between
place-specific talker means for L1 and L2 speakers to
further assess the relation between place-specific
talker means (Table 3). Among L1 and L2 speakers,
the regressions indicated that with longer VOT
means, the VOT of the canonically lower stop
approached the VOT of the higher one at increasing
rates (slopes < 1). In some cases, and especially
between /t/ and /k/, the VOT of the canonically lower
stop often surpassed the canonically higher one.

through correlation analysis is a novel aspect of the
present study and offers important insight into the
structure of the L2 grammar.
These findings have implications for the
phonetics-phonology interface and structure of the L2
grammar, as well as for perceptual adaptation to
accented speech. Systematic relationships of VOT
among stop categories for both L1 and L2 speakers
indicate that the phonetic specification for these
differing segments cannot be independent of one
another. Covariation could arise from a uniformity
constraint on the laryngeal specifications giving rise
to the measured VOT. A similar glottal spreading
duration and temporal alignment to the oral
constriction for each place of articulation would result
in minor differences in VOT [6, 19], and
simultaneously account for covariation due to
underlying identity across talkers [8]. The uniformity
constraint would target the phonetic implementation
of the natural class by constraining the phonetic
targets for the shared distinctive feature value or
gestural constellation to be uniform regardless of cooccurring features or gestures within each segment.
The findings presented here indicate that uniformity
may also constrain phonetic implementation in the L2
grammar to some degree.
Assuming a uniformity constraint, it may appear
that L1 English deviates from the cross-linguistic
tendency for the VOT of /t/ to be less than that of /k/.
Given the patterns observed for L2 English, English
/k/ is indeed somewhat lower than expected, and /t/
may also be slightly higher than expected. English
may marginally violate the uniformity constraint;
however, the strength of the covariation indicates that
the relationship between the laryngeal specifications
must still be strongly constrained among these
segments.
Structured relations in L2 speech could facilitate
perceptual adaptation in that listeners could use
information from one segment to refine adaptation to
other related segments. Critically, listeners could use
this structure even if the absolute phonetic realization
deviates substantially from native norms. Further
research is necessary to investigate perceptual
generalization in accented speech.

Table 3: Simple linear regressions predicting
talker-specific VOT means for one place of
articulation (left of tilde) from a second place (right
of tilde). Asterisks reflect p < 0.001.

Group Parameter
L1
Intercept
Slope
L2
Intercept
Slope

/t/ ~ /p/
19.14
0.94*
25.34*
0.78*

/k/ ~ /t/
20.15
0.58*
27.02*
0.56*

/k/ ~ /p/
18.65
0.78*
33.45*
0.62*

4. DISCUSSION
L2 English stop VOT means encompassed a greater
range than those found in L1 English. While several
L2 speakers produced VOT values within a nativelike long-lag range, several speakers produced shortlag VOTs. Highly comparable relationships among
VOT parameters were observed between L1 and L2
English speakers. Talker means and SDs were weakly
correlated across L1 speakers and moderately to
strongly correlated across L2 speakers. The
relationship between the mean and SD may simply be
stronger among short-lag values, which is consistent
with previous findings for English short-lag /bdg/ [7].
Moderate differences were observed between groups
in the ordinal relations, particularly with respect to the
ranking between /t/ and /k/, in which the VOT of L1
English /k/ was somewhat lower than expected given
the canonical rank relationship. Nevertheless, strong
covariation of talker mean VOT was observed among
places of articulation with near identical magnitudes
for both L1 and L2 speakers. The simple linear
regressions revealed a general tendency for
differences among place-specific means to decrease
with longer VOT values.
Several studies on VOT examine how L2
speakers differ in the realization of VOT from L1
English speakers [1, 5, 17, 25]. Previous work,
however, has largely focused on describing the
separation between native and non-native speakers at
the level of individual phonetic categories, with
relatively minimal discussion with regards to the
relation between those segments. Moreover,
exploration of systematic relationships among L2
VOT has been quite limited. While a few studies have
examined rank relationships in L2 VOT [17, 25],
investigation of the degree of systematicity in VOT
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the relationship between VOT and F0 [24], as well as
in a range of cues for a single phonetic category [8].
Covariation of this kind may facilitate speech perception by simplifying adaptation to novel speakers
[7, 8]. Here, structured variability is used to refer to
both types of variability across speakers.
Most of our prior understanding about the structure of speaker variablity comes from studies based
on scripted speech [7, 8, 12] (on English, German).
No work has investigated structured speaker variability in the relationship between multiple cues in
spontaneous speech, much less a language using a
non-West-Germanic voicing system. This empirical
gap provides an opportunity to examine the realisation of the voicing contrast in spontaneous speech
for languages that differ in phonetic implementation
from English.
The context of this study is Japanese stop voicing,
for which the contrast has been shown to exhibit variability in production. Voiced stops can be realised
with either voicing lead (prevoiced) [26] or short lag
VOT [30]. Voiceless stops are realised with VOT intermediate between unaspirated and aspirated stops
[23]. In this sense, Japanese stop voicing appears
to behave as a hybrid system between a ‘true’ voicing contrast and an English-style aspiration contrast.
Japanese shows substantial regional variation in this
contrast, and is undergoing a sound change wherein
prevoiced stops are being lost in favour of using
purely positive VOT [30, 31]. Given previous observations of cue variability in sound change [2] or
dialect contact in other languages [25], it is possible
that Japanese speakers may show a shift in the structure of the cues to the voicing contrast. This may
include the incorporation of other cues (e.g. F0), but
also change in the weightings of existing cues [2].
Working with spontaneous speech poses challenges for describing the realisation of stop voicing
contrasts. It has been shown for English connected
speech that the likelihood of producing voicing during the closure largely depends on the voicing of
the preceding segment [10], which often results in
voicing ‘bleeding’ from the preceding segment. In

ABSTRACT
Studies of speaker variability in the realisation of
stop voicing contrasts have demonstrated that differences across speakers are highly structured both
within and across phonetic categories. These studies
have focused on languages with similar voicing systems in scripted speech; it remains unclear how stop
realisation varies in spontaneous speech more generally. This study examines speaker variability in two
acoustic cues to stop voicing–Voice Onset Time and
Voicing During Closure–in a corpus of spontaneous
Japanese, a language undergoing change in its voicing contrast. Whilst speakers vary in both measures,
this variability is highly structured: speakers with
less aspirated stops are more likely to initiate voicing during the closure. However, no corresponding
relationship is observed between how the two cues
are used to mark the contrast. These findings extend previous work to demonstrate the structure of
speaker variability in spontaneous speech.
Keywords: speaker variability, corpus phonetics,
Japanese, spontaneous speech
1. INTRODUCTION
It is well established that the phonetic realisation of
segments is highly variable across languages, phonological contexts, and speakers. Recent research has
observed that this variability is structured, and exists
in two predominant forms for speakers. First, speakers can systematically differ in the value of a particular phonetic parameter, such as Voice Onset Time
(VOT) [1]. Second, speakers may covary in their
values across phonetic categories: for example, variation in mean VOT values for [ph ] and [kh ] has been
shown to be consistent across speakers of English
[7] and German [12]. Furthermore, there is evidence
that multiple phonetic dimensions can exist in covarying relationships, where variables exhibit correlations both within a given phonetic category as well
as across phonological contrasts [9]. For stops, the
focus of this paper, this work has largely focused on
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initial. Prosodic position was defined using the XJToBI system [21], which locates prosodic boundaries through the presence of Break Indices. Within
this system, word-medial stops are not marked with
a Break Index value, and so were excluded.
In total, 109,119 stops (corresponding to 3,731
unique word types), spoken by 137 speakers (58 female) were used in the final analysis. The final
dataset contained 796 tokens from each speaker on
average (range: 198-3,823). In order to provide a
first characterisation of VDC, discrete binary categories were used. VDC was calculated by converting Praat Pitch files into PointProcess objects, approximating the positions of voicing periodicity. If
periodicity was observed within the annotated stop
closure, VDC = 1, otherwise VDC = 0. These values
were then checked through a manual inspection of 50
random tokens, which confirmed that the calculated
VDC measure largely corresponded to the presence
or lack of VDC in the spectrogram.
To investigate speaker-level differences after controlling for known influences on VOT and VDC
[7, 11, 29], a mixed-effects linear regression model
of log-transformed VOT (following [29]) was fit using lmerTest [17] in R [22]. VDC was fit with a
mixed-effects logistic regression using lme4 [5]. The
fixed-effects structure of both models contained predictors for phoneme voicing, speaker birth year and
gender, preceding phoneme manner, presence of
a preceding pause, following vowel height, place
of articulation, speaking style (lectures vs. public
speaking vs. conversational dialogues), frequency
(log-transformed), phrase position (using Break Index value), and speech rate (speaker mean rate and
deviation from speaker’s mean). To further control
for factors known to condition stop voicing, the models also included interactions for voicing : place,
voicing : gender, voicing : birth year, voicing :
position, and voicing : local speaking rate, and
voicing : position. The VOT model also included
an interaction for voicing : mean speaking rate, a
cross-linguistically expected effect [14].
Continuous predictors (speaking rates, frequency)
were centred and divided by two standard deviations.
Two-level factors (voicing, gender, vowel height,
position, pause) were scaled and centred at 0 as numerical predictors. Predictors with three or more
levels (all others) were sum-coded. Each model
was fit with the most comprehensive random-effects
structure that would enable convergence [4], without
random-effect correlations:
• VOT model: By-word random intercept; byspeaker random intercept and random slopes for
voicing, place, local speaking rate, pause, fre-

Japanese, all relevant non-post-pausal stops are preceded by a voiced sonorant. As we may expect voicing during stop closure (VDC) to act as a cue to voicing (given the presence of voicing lead for voiced
stops), it is entirely possible that Japanese speakers
may produce VDC throughout the entire closure for
voiced stops. In the absence of a clear understanding
of how VDC is used in spontaneous speech, here we
opt to apply a relatively broad first approximation,
wherein the presence of VDC (i.e., VDC is either
present or not, regardless of its duration) is analysed
as an additional separate cue to VOT.
The goal of this study is to examine speaker-level
variability in the production of the stop contrast in
an apparent-time corpus of spontaneous Japanese
speech, describing how speakers differ in (1) their
use of VOT and VDC as cues to the stop voicing
contrast, and (2) the relationship between these two
phonetic dimensions which cue the contrast. As this
contrast has been shown to exhibit differences as a
function of age in Japanese, how these cues are also
conditioned by speaker birth year is also of interest.
2. METHODS
The data for this study come from 287,042 stops
from the Corpus of Spontaneous Japanese-Core
(CSJ), a corpus of ‘Standard’ Japanese, comprising
around 650 hours of speech [20]. The Core, a subset
of the CSJ, constitutes appoximately 500,000 words
(44 hours of speech), from 137 speakers (58 female)
born between 1930-1979, for which phonetic annotation exists from hand-correction of automaticallygenerated labels [15]. During hand-correction, stops
were also annotated for: stop closure duration, positive VOT (defined as the difference between beginning of the burst on closure release until the onset
of voicing), and whether voicing from the preceding
segment persisted into the closure.
To ensure that only fully-realised stops were examined, several classes of tokens were excluded:
(1) 56,667 stops with unobserveable bursts; (2)
11,938 stops followed by devoiced vowels [19], as
it would not possible to determine the onset of voicing; (3) 19,785 tokens containing geminates, given
that voiced geminates are often only partially voiced
[13], and so not directly comparable to singletons;
(4) 11,991 stops inside hesitations; (5) 4,790 tokens
from non-spontaneous speech contexts (i.e., reading
passages); and (6) 72,680 word-medial stops (i.e.,
those with no Break Index value). This last category
was because prosodic position is known to affect the
production of stops cross-linguistically [6], and so
this study focuses on tokens that are minimally word667

39) speakers approaches significance (β̂ = 0.236,
p = 0.057), consistent with previous work [30].

quency, position, vowel height, manner, and
voicing:{speaking rate, position, pause, manner, place} interactions.
• VDC model: By-word random intercept; byspeaker random intercept and slopes for voicing, pause, phrase position, and voicing:pause.

3.2. VDC

As expected for Japanese, where voiced stops typically show voicing lead, the probability of voicing during closure is more likely for voiced than
voiceless stops (β̂ = −6.192, p < 0.001). Specifically, voiced and voiceless stops are predicted to
exhibit very different VDC probabilities: voiceless
stops show only 3% VDC, while that for voiced stops
approaches ceiling (94%). As with VOT, speakers also differ significantly in their overall use of
VDC (χ2 (1) = 1948, p < 0.001). The degree
of interspeaker variability in overall VDC log-odds
(i.e., how often speakers produce VDC regardless of
the voicing category) is 0.831, relative to a grouplevel VDC intercept of -0.437, meaning that speakers vary widely in their general VDC probability
(range: 11% to 77%). Speakers also vary in the size
of their VDC slope (χ2 (2) = 954.4, p < 0.001), the
voiced/voiceless difference in VDC, such that they
are at least 5.7 more likely to show VDC for their
voiced than voiceless stops. Figure 1 (centre) illustrates that VDC use in voiced and voiceless stops is
signficantly related (ρ = 0.25, p < 0.005). There
is no effect of age on average VDC, but a clear agerelated pattern can be observed in the size of the voicing slope: the three youngest age groups each have
significantly smaller VDC slopes compared to the
1930-39 group (1970-79: β̂ = −1.261, p < 0.001;
1960-69: β̂ = −1.269, p < 0.001; 1950-59: β̂ =
−0.965, p < 0.01)1 . This shows that younger speakers have a smaller difference in VDC between voiced
and voiceless stops than older speakers.

3. RESULTS
This study is interested in structured speaker-level
variability in (1) the use of VOT and VDC cues to the
Japanese stop voicing contrast, and (2) the relationship between VOT and VDC, as well as their patterning with speaker age. The speaker differences for
each cue will be examined separately, followed by
an exploration of how speakers modulate both cues
together. Rather than reporting full regression tables
for the two models, factors of interest are reported as
the estimated marginal means, computed using emmeans [18]. These can be interpreted as the predictions made from each model (i.e., predicted VOT or
VDC values) at each level of the factor of interest
(e.g., voiced vs. voiceless stops) whilst holding other
predictors at their average levels.
3.1. VOT

The directions and size of the fixed effects largely
resemble those observed in previous studies of
Japanese VOT [30, 23]. For example, VOT for
voiced stops is approximately 13ms, compared to
36ms for voiceless stops (β̂ = 0.999, p < 0.001).
Speakers significantly differ in their overall use of
VOT (χ2 (1) = 773.3, p < 0.001) and the size of
their VOT slopes (χ2 (9) = 1744.8, p < 0.001),
as assessed by likelihood ratio tests comparing models with and without random speaker intercepts and
slopes respectively. The degree of interspeaker variability in log-transformed VOT is 0.155. This means
speakers vary in their overall VOT value between
16ms and 30ms. Examining variability in the size
of the VOT voicing contrast shows that speakers
also vary: the voiced:voiceless VOT ratio ranges
between 0.5 and 0.73. Crucially, this variability is
structured: as Figure 1 (left) illustrates, the relationship between each speaker’s voiced and voiceless
VOTs is highly consistent. Speakers with long VOTs
for voiceless stops also show long VOTs for voiced
stops (Spearman’s ρ = 0.461, p < 0.001). With respect to age-related differences in the use of positive
VOT, a pairwise comparison of speaker birth year
does not predict a significant change in the size of
the contrast, though an increase in voiceless VOT
between the youngest (1970-1979) and oldest (1930-

3.3. VOT & VDC

The second research question concerns how speakers
modulate VOT and VDC as cues to the voicing contrast. The two previously discussed models provide
a statistical representation of how speakers differ in
their realisation in the stop contrast along two dimensions for each cue: the intercept value (the overall
use of VOT and VDC) and the slope (how much
VOT/VDC differs between voiceless vs. voiced
stops). One way of determining the relationship between the cues is to examine whether the cues are
correlated with another in production. A relationship between cues within a single phonetic category
might indicate that these parameters are intrinsically
linked, perhaps sharing a single articulatory source
[9]. A relationship across categories could enhance
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Figure 1: Left: model-predicted voiceless vs. voiced VOT (ms) by speaker. Centre: model-predicted voiceless
vs. voiced VDC (logit-scaled probability) by speaker. Right: model-predicted average VOT and VDC values by
speaker. Lines/shading are linear smooths (95% confidence intervals); colours indicate speaker birth year.
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(2) modulate these cues to signal the contrast.
Speakers were found to vary from each other in
their use of VOT and VDC, and this variability is
highly structured. VOT values for voiced and voiceless stops were correlated across speakers: speakers with large voiceless VOTs also have large voiced
VOTs, consistent with previous findings of other languages [7, 8, 12]. VDC also exhibited a similar
degree of speaker structure, despite the wide range
of speaker variability in the size of the VDC contrast. Younger speakers also had smaller VDC contrasts than older speakers, consistent with previous
claims about this sound change [30, 16, 31]. Finally,
a strong relationship between the overall use of VOT
and VDC was observed, meaning that speakers with
more aspirated stops are less likely to produce voicing during stop closures. This can be interpreted as
a correlated difference in the use or lack of voicing
used in the production of any stop regardless of the
voicing category, and perhaps provides a baseline
from which category-specific VOT/VDC values can
be generated. One explanation for this observation
is that both cues share an intrinsic articulatory link,
possibly conditioned by relative oral pressure during
the stop closure. However, such a covarying relation was not observed for the two cues in the voicing
contrast. This suggests that these cues do not engage
in a complementary or enhancement relationship for
Japanese stops. An interesting next step in developing this work on structured variability in Japanese
stops will be to include F0 with VOT and VDC.

the realisation of the contrast through the availability of multiple cues. Here, there is a strong negative
relationship between the sizes of VOT and VDC intercepts across speakers (ρ = −0.567, p < 0.001).
Figure 1 (right) illustrates this effect, which can be
interpreted as both a within- and across-category relationship: the less aspirated a stop is, the more
likely that stop is to be realised with VDC. Correlations between categories for both cues are all significant, indicating that this relationship holds across
any pair of stops (Voiceless VOT, Voiceless VDC: ρ
= −0.413, p < 0.001; Voiced VOT-Voiced VDC: ρ
= −0.36, p < 0.001; Voiceless VOT-Voiced VDC: ρ
= −0.301, p < 0.005; Voiced VOT-Voiceless VDC:
ρ = −0.427, p < 0.001). Looking at the relationship across categories (i.e., the covariance relation in
the voicing contrast), a null relationship is observed
across speakers (Spearman’s ρ = −0.05, p = 0.562),
suggesting that the size of a speaker’s VOT contrast
does not predict their VDC contrast.
4. DISCUSSION
Stop
contrasts–and
their
language-specific
implementation–have been extensively studied,
though only a handful of phonetic studies have
focused on their realisation in spontaneous speech
[3, 28, 29, 32, 27]. Here, multiple cues to a stop
contrast undergoing sound change [31, 16] have
been examined. Whilst the Japanese stop contrast
has been well studied at the dialectical and generational level [30], there is less work on how this
contrast is realised at the level of individuals. The
questions here asked how speakers (1) vary in the
use of acoustic parameters in stop realisation, and
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ABSTRACT

have also reported small yet systematic differences in
formant frequencies between long and short vowels.
One study by Hirata and Tsukada [12] found that all
long vowels except /uu/ occupied a more peripheral
position in the vowel space than the short vowels.
This displacement effect was more pronounced for a
faster speaking rate, i.e., when vowel duration was
shorter. They also found that formant displacement
no longer took place when vowel duration exceeded
approximately 200 ms.
To account for the above displacement effect, one
might refer to the vowel undershoot model [21],
whereby speakers cannot reach the invariant ideal
articulatory targets in durationally short vowels
because the velocity of articulatory movement is
limited. According to this view, phonemically short
vowels in Japanese would be undershot because their
duration is too short for the articulators to reach the
targets. In contrast, articulatory targets are more
likely to be reached in phonemically long vowels that
allow more time for articulation. Consequently,
according to this view long vowels should be more
dispersed than short vowels in the vowel space. While
this explanation seems viable, Kawahara [13] argues
that the model does not fully account for the results
of Hirata and Tsukada [12], because a compatible
dispersion effect was not found when the speakers
produced short vowels at a slower speaking rate. If
the speakers were showing undershoot for short
vowels, a similar dispersion effect should have been
observed in the slower speaking rates because they
would then have had enough time to reach the targets.
Yet, this prediction was not borne out in the study
[12]. Therefore, while the displacement effect is
related to durational factors such as vowel length and
speaking rate, there has not been a coherent
explanation of why it is so.
The current study investigates spectral and
temporal characteristics of Japanese short and long
vowels, with a primary focus on the formant
displacement effect. The current study exploits a
variety of phonetic contexts because the results of
Hirata and Tsukada [12] might have been confined by
their use of only one consonantal context /mVmV/.
This study also examines formant movements or
vowel inherent spectral change (VISC), which have
seldom been studied in the relevant literature (except
e.g., [11]), as a potential factor related to the
displacement effect.

In this study, we conducted a detailed acoustic
analysis of Japanese short and long vowels produced
in various phonetic contexts by Tokyo Japanese
speakers. Japanese long vowels (/ii, ee, aa, oo, uu/)
are often assumed to be simply lengthened versions
of their short counterparts (/i, e, a, o, u/), but slight
differences in formant frequencies have been
reported. The present study shows that, while
duration is undoubtedly important for distinguishing
Japanese vowel length, systematic formant
displacement is in fact present in all five long-short
pairs. The displacement seems to occur relative to a
high central position in the vowel space, which could
be described as a ‘neutral’ position of the tongue.
Analysis of formant movements further suggests that
the displacement may be caused by speakers’ active
articulatory control to weaken vowel gestures when
there is not enough time for full articulation.
Keywords: Japanese, vowel length,
displacement, articulation, undershoot

formant

1. INTRODUCTION
The Japanese vowel system consists of five distinct
qualities, /i, e, a, o, u/, which form five short (1-mora)
and long (2-mora) pairs [19]. 1 Vowel length is
contrastive, e.g., /toge/ ‘thorn’ – /tooge/ ‘mountain
pass.’ The short vowels contrast in both height
backness: /i/ is high front [i], /e/ is mid front [e̞], /a/ is
low central [ä] and /o/ is mid back [o̞]. /u/ has long
been described as high back unrounded [ɯ], but a
recent ultrasound study [20] found that it is in fact
closer to central rounded [ʉ] or possibly even front
rounded [ʏ] (in this paper, we assume that it is high
advanced central rounded [ʉ̟]). The vowels thus
contrast in lip rounding as well: rounded /o, u/ and
unrounded /i, e, a/. Vowel reduction does not occur
phonologically.
Traditionally, the long vowels have been treated
as lengthened versions of their short counterparts with
little or no spectral differences. Many studies on
Japanese vowel acoustics have thus focused only on
the short vowels [5, 7, 9, 15]. On the other hand,
studies discussing the long-short contrast have
typically examined how vowel duration is affected by
various suprasegmental factors such as pitch accent
[16] and speaking rate [10]. However, a few studies
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length (“long” or “short”) and type (“i,” “e,” “a,” “o,”
“u”) as fixed effects and participant, consonantal
context and phrasal condition as random effects. As
expected, phonemically long vowels were found to be
significantly longer than short ones (β = 87.17, t =
147.45, p < .001), in accordance with the traditional
description of contrastive vowel length. The effect of
type was also significant. When “a” was set as the
reference, all the other vowel types were significantly
shorter (ps < .001): “e” (β = -4.33), “o” (β = -7.81),
“u” (β = -13.13), “i” (β = -14.06). Adding the
interaction between length and type did not improve
model fit according to likelihood ratio tests. Thus,
vowel duration was affected by vowel height
regardless of phonemic length.

2. METHODS
2.1. Participants

Sixteen native Japanese speakers (eight male, eight
female) participated in the recording. All of them
were students or graduates of universities in Japan
and were aged between 21 and 30 (mean = 24.1).
They had spent most of their lives in Tokyo and
surrounding areas.
2.2. Data collection procedures

The recording took place in an anechoic chamber at
Waseda University, using a SONY F-780
microphone with a sampling frequency of 44,100 Hz
and 16-bit quantization. Participants read disyllabic
nonsense words /C1V1C2V2/ in Japanese orthography,
presented in isolated and sentence positions. V1 was
the target vowel, namely short /i, e, a, o, u/ and long
/ii, ee, aa, oo, uu/. There were five combinations of C1
and C2 to manipulate the consonantal contexts:
/bV1p/, /dV1t/, /gV1k/, /zV1s/ and /hV1d/. V2 was
either /e/ and /o/ to minimize its influence on V1. An
example of a trial is: “bipe – bipo – bipe to bipo ni wa
i ga aru” (‘bipe – bipo – In bipe and bipo there is i’).
Participants were instructed to put a pitch accent on
the first syllable and to repeat a trial if they did not do
so. The data collection procedure yielded 200 tokens
per speaker (10 target vowels × 5 consonantal
contexts × 2 following vowels × 2 phrasal conditions)
giving a total of 3,200 tokens.

Figure 1: Average duration of short and long
vowels with ±2 standard errors.
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3.2. Midpoint formants

2.3. Acoustic analysis

Figure 2 shows the average midpoint F1 and F2
values of the short and long vowels, conditioned by
gender. The long vowels occupied more peripheral
positions in the vowel space than the short vowels
except for /uu/, which is similar to Hirata and
Tsukada [12]. To investigate the displacement effect
in more detail, a series of LME models were fitted for
each acoustic dimension (F1 and F2) and vowel type
(“i,” “e,” “a,” “o,” “u”). Each model consisted of
formant (either F1 or F2) as the dependent variable,
length as the fixed effect (where “short” is the
reference) and the same random effects as in the
previous model. The models thus assessed the effects
of length on vowel formants for each vowel type,
while considering individual (including gender) and
contextual variability.
Table 1 shows the results of the analysis. For
example, the first row shows that the intercept
(corresponding to mean F1 of short /i/ of all speakers)
was 323.68 Hz and that the F1 of long /ii/ was
estimated to be 6.85 Hz higher, which is statistically
significant (t = 3.17, p < .01). As for F1, long vowels
except /oo/ showed significantly larger values than
short vowels. For F2, the long vowels were
significantly more peripheral than their short

The start and end boundaries of each vowel token
were first determined automatically using SPPAS [3],
and then manually modified to correspond to the first
and last positive zero crossings in Praat [4]. Vowel
duration was measured as the time between these
boundaries. The first and second formants (F1 and
F2) were measured at vowel midpoints using Praat’s
built-in Burg algorithm. In addition, F1 and F2 values
were obtained at 30 equally spaced points from the
central portion of each vowel (20% to 80%) to
characterize VISC [6].
3. RESULTS
3.1. Duration

Figure 1 shows the average duration of short and long
vowels with ±2 standard errors. The long vowels were
substantially longer than the short ones, and lower
vowels tended to exhibit longer duration. To assess
the statistical significance of the trends, a linear
mixed effects (LME) model was fitted using lme4 [2]
and lmerTest [17] packages in R [22]. The model
consisted of duration as the dependent variable,
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counterparts, apart from /uu/; F2 was higher (more
forward) for /ii, ee/ and lower (more back) for /aa, oo/.
Formant displacement was thus present in all vowel
types in at least one acoustic dimension. Based on the
direction and magnitude of the displacement, it can be
inferred that the ‘neutral’ tongue position in Japanese
is high and central (somewhere above /uu/-/u/)2, from
which all displacements occur.

order coefficients to fine-grained information such as
trajectory curvature [18]. The following analysis
focuses on the first coefficients, in which positive
values represent decreasing movement and negative
values represent increasing movement. The size of
the values in absolute terms represents the magnitude
of the movement.
A set of LME models were fitted for each acoustic
dimension and vowel type in the same way as in
Section 3.2, except that the dependent variable was
first DCT coefficient for either F1 or F2. The results
are presented in Table 2. The intercepts
(corresponding to mean first DCT coefficients for
short vowels) suggest that F1 tended to decrease for
all types of short vowels. The magnitude of
movement was in the order of /a/ > /o/ > /e/ > /u/ > /i/,
and thus the lower vowels seem to exhibit larger
upward movements. However, the effect was
hindered when the vowel was phonemically long,
sometimes changing the direction of movement from
decreasing (i.e., closing) to increasing (opening).
Turning to F2, the intercepts suggest that F2 tended
to decrease for short /i, e/, but increase for short /a, o,
u/. In other words, short vowels seemed to show
backward movements if they were front, and forward
movements if they were central or back. F2
movements for long vowels were somewhat nuanced,
but there was a tendency for the forward and
backward movements to be hindered or at least
lessened. This was particularly evident for /ii/, where
the coefficient was estimated to be very low and thus
its F2 was increasing as opposed to short /i/. In sum,
the results suggest that short vowels generally show
converging movements toward a high and central
position, which adds to the findings in Section 3.2.
Not only are short vowels less peripheral than long
vowels, they also move back towards the neutral
position sooner.

Figure 2: Average midpoint F1 and F2 of short and
long vowels (gray = male, black = female).
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Table 1: Results of LME models run on midpoint
F1 and F2 (* p < .05, ** p < .01, *** p < .001).
Baseline = short vowels.

F1

F2

Intercept

β

t

/i/

323.68

6.85

3.17**

/e/

479.49

28.09

9.29***

/a/

743.83

72.34

19.71***

/o/

493.89

1.33

0.64n.s.

/u/

391.40

14.04

4.88***

/i/

2396.81

146.49

19.65***

Table 2: Results of LME models run on first DCT
coefficients (* p < .05, ** p < .01, *** p < .001).
Baseline = short vowels.

***

/e/

2124.66

85.65

10.70

/a/

1406.71

-51.08

-7.37***

/o/

1038.15

-133.46

-18.39***

/u/

1539.56

7.89

0.78n.s.

F1

3.3. Vowel inherent spectral change (VISC)

In order to quantify VISC, each set of the 30
measured formant values were transformed using
discrete cosine transform (DCT). A DCT expresses a
sequence of data points in terms of the sum of cosine
functions oscillating at different frequencies. In the
case of a formant trajectory, the zeroth coefficient
corresponds to a straight line proportionate to the
mean, the first coefficient to half a cosine (i.e., left
half of a “U” shape) representing the overall direction
and magnitude of change from the mean, and higher-

F2
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Intercept

β

t

/i/

0.97

-6.26

-5.32***

/e/

6.02

-12.80 -8.45***

/a/

19.09

-12.20 -5.71***

/o/

7.35

-9.46

-5.96***

/u/

2.88

-9.36

-6.88***

/i/

2.31

-18.58 -5.34***

/e/

16.00

-2.20

-0.57n.s.

/a/

-6.06

6.44

2.03*

/o/

-15.22

4.03

1.20 n.s.

/u/

-11.36

5.78

1.66 n.s.

time for full articulation. Under this situation, short
and long vowels would have different spatial and
temporal targets: spatially, short vowel targets would
be closer to the neutral position than long vowel
targets; temporally, long vowel targets would be
persistent while short vowel targets are not. This
explanation could also account for the effect of
speaking rates on formant displacement found in
Hirata and Tsukada [12]. For example, a faster
speaking rate would elicit more displacement because
speakers would have to reduce each articulatory
gesture (as there is not enough time for proper
articulation) unless the intrinsic segmental duration is
long enough to allow full articulation. The
displacement effect would disappear at a slow
speaking rate when speakers would expect enough
time to fully articulate each gesture.
Finally, it is worth noting that Japanese listeners
do not seem to refer to vowel type when judging
whether a vowel is phonemically short or long [1].
Since vowel duration is systematically different at
different heights (low > mid > high), in theory
listeners could use vowel type as a secondary cue for
identifying length, but they seem not to do so. This
indicates that listeners have an invariant [+long]
feature that is independent of vowel type, and thus our
result (1) is most likely driven by articulatory
constraints. Future research could test whether (2)
formant displacement and (3) VISC affect the
perception of vowel length in Japanese.

4. DISCUSSION
The detailed acoustic analysis of Japanese short and
long vowels confirmed the following results: (1)
lower vowels showed longer duration regardless of
phonemic length; (2) formant displacement was
present for all five long-short pairs, where long
vowels were further away from the default position
(i.e., more peripheral) than short vowels; (3) short
vowels showed conversing movements toward the
high central position, while long vowels resisted such
movements.
All these findings are considered to have an
articulatory basis. For example, Kawahara, Erickson
and
Suemitsu
[14]
used
electromagnetic
articulography (EMA) to investigate jaw movements
in the production of the five Japanese short vowels,
and found that duration and F1 were reliable acoustic
correlates of the degree of jaw opening. Based on this,
(1) can be attributed to lower vowels involving larger
jaw movement and therefore being more timeconsuming. (2) can be described as the articulatory
displacement of the tongue relative to its ‘neutral’
position which is high and central in Japanese. Our
results are slightly different from those of Hirata and
Tsukada [12] who did not find a clear displacement
effect for /uu/-/u/. While this could be due to the lack
of different phonetic contexts in their study, it is also
possible that the proximity of /uu/ and /u/ to the
supposed neutral position obscured the displacement
effect. As for (3), the converging movements in short
vowels suggest that their gestural targets are close to
the supposed neutral position. In contrast, the lower
convergence exhibited by the long vowels suggest
that they have more peripheral targets that are
sustained. The findings (2) and (3) are related; the
displacement of midpoint formants may in fact be
caused by the differences in formant movements.
The original undershoot model [21] would be able
to account for (1) and (2), but not (3). The model is
compatible with (1) because farther articulatory
targets (low > mid > high) would require more time
until they are reached. The model would also explain
(2) because long vowels allow more time for the
articulators to reach the targets, whereas short vowels
would show undershoot and therefore would be closer
to the starting point, i.e., the neutral position.
However, the model does not explain (3). If speakers
cannot reach the targets simply because the speed of
the articulators is limited, then short vowels would
still show movement toward the targets (i.e, away
from the neutral position), even if the magnitude of
the movements would be smaller than that of long
vowels. However, our result contrarily showed a
consistent tendency for short vowels to move back to
the neutral position in the middle of articulation. A
possible reason for this is that speakers actively
‘weaken’ vowel gestures when there is not enough
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6. APPENDIX
Table 3: Average midpoint F1 and F2 as well as
duration of Japanese short and long vowels.

Male
F1

Female
F2

dur

F1

dur

/i/

301 2154

68

346 2639

64

/e/

443 1947

76

516 2302

71

/a/

687 1283

78

801 1530

73

/o/

462

949

74

526 1127

70

/u/

348 1435

68

434 1645

63

/ii/

306 2293 147

355 2794 153

/ee/

460 2043 156

555 2378 166

/aa/

744 1237 166

889 1474 171

/oo/ 455

813

153

/uu/ 352 1442 150
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F2

535

996

159

459 1653 154
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of identical vowels, i.e., /ii, ee, aa, oo, uu/, which are
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Some studies suggest that the tongue rest position is
language-specific [8].
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tures of sequences are anti-phase [4]. The caveat is
that we assume that landmark-based coordination relations can be stated with consistent lags, as per the
phonetic constants in the models of [7]. For example, two gestures can be timed such that the onset of
movement control is synchronized with a consistent
+/- lag. Possible instantiations are shown in panels
(c) and (d). Panel (c) shows complex segment timing
with a positive lag; panel (d) shows gestures timed as
segment sequences with negative lag. Notably, owing to the influence of the +/- lag, the surface timing
of (c) and (d) is identical despite being coordinated
based on different articulatory landmarks.
Allowing for the theoretical possibility that gesture landmarks are coordinated with a consistent +/lag influences our approach to hypothesis testing.
From this theoretical perspective, measures of gestural overlap alone may under-determine temporal
control structures, as illustrated in Figure 1(c) and
(d). The same surface timing relation could be derived from differentiate combinations of coordination relations and lag values: (1) in-phase timing
with a positive lag (c), anti-phase timing with a negative lag (d) or even an intermediate timing relation,
e.g., “c-center” timing however derived, with no lag.
However, these competing hypotheses about temporal control structure can be differentiated by considering relations between temporal intervals.

ABSTRACT
We examined the temporal basis of the phonological
distinction between complex segments and segment
sequences. Our working hypothesis was that the
gestures of complex segments are coordinated with
reference only to gesture onsets while segment sequences are coordinated with reference to the offset
of the first gesture and the onset of the second. We
evaluated this hypothesis using kinematic recordings
of (1) palatalized labials, [pj ], in Russian, as an example of a complex segment; (2) Russian [br] sequences; and (3) labial-glide sequences in American
English: [bj], [mj], [vj], [pj]. Results indicated that
Russian [br] shows sequential timing, the same pattern of coordination as all four labial-glide sequences
in English; the timing of Russian [pj ] was different.
In line with our hypothesis, the labial and palatal gestures of Russian [pj ] were coordinated by gesture onsets. Our results are consistent with distinct modes
of coordination for complex segments and segment
sequences (150 words).
1. INTRODUCTION
A large number of speech segments in the world’s
languages are complex in that they involve coordination of multiple articulatory gestures. The aim of this
paper is to examine whether there is a temporal basis to the phonological distinction between complex
segments and simplex segment sequences. We formulate a specific hypothesis for the temporal basis
of complex segments and evaluate it using kinematic
recordings of palatalized labials in Russian and comparable segment sequences in American English.
Our working hypothesis is that the gestures of
complex segments are coordinated with reference
only to gesture onsets while segment sequences are
coordinated with reference to the offset of the first
gesture and the onset of the second. This distinction
is schematized in Figure 1. Panel (a) shows complex
segment timing while panel (b) shows segment sequences. Our working hypothesis is roughly equivalent (caveat below) to in-phase and anti-phase coupling in Articulatory Phonology, whereby the gestures of complex segments are in-phase and the ges-

Figure 1: Hypothesized gestural coordination patterns for complex segments (a), (c) and segment
sequences (b), (d)

Our strategy for differentiating hypotheses is to
consider how the lag between gesture onsets varies
with gesture duration. The basic strategy follows [8]
in that we evaluate how temporal coordination con-
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from the paper, and reanalyzed a subset of the data
from the three female speakers. These speakers produced a common set of materials including wordinitial [pj ] and [br] sequences. We selected these sequences because in Russian [pj ] is unambiguously
a complex segment and [br] is unambiguously a sequence of segments [10].
We analyzed 4-5 repetitions of four items from
each speaker. Two items /tat#pʲap1/ ‘тат пяпы’ and
/ta#pʲap1/ ‘та пяпы’ had [pʲ] word-initially and two
items /brat#pʲatava/ ‘брат пятого’ and /brat#padaja/
‘брат падая’ had /br/ word-initially.
The gestures from each token were parsed using
the findgest algorithm in mview, a Matlab-based
program for data visualization and analysis developed by Mark Tiede at Haskins Laboratories [9].
Gesture onsets and offsets were determined with reference to the velocity signal of the primary articulator: lip aperture was used to parse labial consonants; tongue blade was used to parse palatal gestures; tongue tip was used to parse the rhotic trill.
Kochetov [5] found that secondary articulations
(palatal gestures) have a shorter onset lag than separate consonants. Here we evaluate whether gesture
lag varies with the duration of the labial gestures.
There are of course many ways to define gesture
duration. Here and throughout we used the interval from gesture onset to gesture offset. However,
the results remain the same qualitatively with respect
to our main predictions even under other definitions
of the term, including gesture duration as gesture onset to achievement of constriction or gesture duration
as gesture onset to constriction release.

ditions covariation between intervals. To make this
concrete, consider the labial and palatal gestures of a
palatalized labial consonant in which the palatal gesture begins at the midpoint of the labial gesture, a
surface pattern consistent with both (c) and (d). As
the duration of the labial gesture increases, we observe whether the lag between gesture onsets also
increases or whether it stays the same. Covariation
between labial gesture duration and intergestural onset lag is predicted only for segment sequences (b,d)
and not for complex segments (a,c). The reasoning
is as follows, if the gesture onsets are timed directly,
even if there is a positive lag, then variation in labial
gesture duration will be entirely independent of the
interval between the labial onset and the palatal onset. If, on the other hand, the palatal gesture is timed
to some gestural landmark later in the unfolding of
the labial gesture, e.g., gesture offset as in (d), then
increases in labial gesture duration will delay the onset of the palatal gesture, increasing the lag between
gesture onsets.
Although we focus in this paper on labial and
palatal gestures, we view the hypothesis about the
temporal basis of complex segments vs. segment
sequences as potentially general across the range
of segment types that are “complex” under our
definition. This includes, for example, aspirated
stops involving coordination of laryngeal and supralaryngeal gestures as well as nasals specified for both
velum lowering and a supra-laryngeal constriction.
Operationalized within the context of specific dependent variables, the hypothesis can be stated as follows:
1. Sequential segment timing: the lag between the
onsets of gestures increases with the duration of
the first (temporal precedence) gesture.
2. Complex segment timing: the lag between the
onsets of gestures is not affected by the the duration of the gestures.
In the remainder of this paper we test the hypothesized temporal basis in three comparable data sets.
The case of complex segments comes from Russian
palatalized labials, which are compared to labialglide sequences in American English from both a
publicly available dataset and data from an experiment we conducted.

Figure 2: Correlations for the Russian data

Figure 2 shows the results for three Russian speakers, where each point represents a single measurement for a single speaker. The results show the expected positive correlation in the case of [br] for each
speaker, but crucially not in the case of [pj ]. As
labial gesture duration varies across tokens for [pj ],

2. RUSSIAN DATA FROM KOCHETOV [5]
The source of our Russian data is Kochetov [5]. In
that paper, Electromagnetic Articulography data was
reported for one male, AK, and three female speakers, AS, NT, and DK. Here, we obtained the data
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just one token of this word per speaker, and we measured 20 speakers using the same methods as for the
Russian analysis described above. Lip aperture, defined as the euclidean distance between sensors on
the upper and lower lips, was used to track the labial
gesture; a sensor on the tongue blade (labeled ‘T2’)
was used to track the palatal gesture. The results are
shown in Figure 3, where each point represents a single speaker. There is a positive correlation between
[b] duration and the lag between gestures [b] and [j].
This is the same result we observed for Russian [br]
clusters and it differs, as expected, from the Russian
[pj ] words.
Statistical significance of the trend in Figure
3 was confirmed with a linear regression model
with gesture lag as the dependent variable and
gesture duration as the independent variable
[β̂=0.93,t=4.65,p<0.001]. The results indicate that
the lag-time between the labial gesture and the TB
gesture are positively correlated with the duration of
the initial labial gesture.

the lag between the labial gesture and palatal gesture
is largely unaffected.
We excluded one of the speakers (AS) from further statistical analysis, because this speaker showed
quite a lot of variability in the [pj ] (see outliers in
Figure 2). To the rest of the gestural lag measurements, we fitted a linear mixed-effects model. Random intercepts for speakers and items were included
in the model. Fixed factors were gesture duration, sequence [pj , br] and the interaction term.
Nested model comparison based on AIC revealed
that variance explained by the interaction term justified the increased complexity it adds to the model;
this model indicates that the effect of gesture duration on lag is not uniform across [pj ] and [br] (Table
1). Sequence was coded with [pj ] as the reference
category. The significant positive interaction indicates that the effect of G.D. on lag is greater for [br]
than for [pj ]. In line with our predictions, gesture
lag varies with the duration of the labial gesture in
the case of [br], the segmental sequence, but not in
the case of [pj ], the complex segment.
The temporal difference between the palatal glide
gesture in secondary palatalization and in segmental palatal glides is consistent with our hypothesized
temporal basis of complex segments vs. segmental
sequences.
Table 1: Mixed effects model for the Russian TB
gestures in palatal(ised) consonants [G.D. = gesture duration, Seq = sequence]

Fixed Eff.
Inter.
G.D.
Seq
G.D.:Seq (br)

Est.
-9.2
0.09
-72.8
0.82

Std. Err.
33.2
0.2
49.3
0.2

t-val
-0.3
0.6
-1.5
3.6

p(>|t|))
0.78
0.54
0.15
<0.001

Figure 3: Correlations for the English X-ray microbeam data

4. ENGLISH DATA FROM ONGOING
EXPERIMENT

3. ENGLISH DATA FROM THE X-RAY
MICROBEAM DATABASE

Since the relevant data from the X-ray Microbeam
corpus consisted of just one token of [bj] per speaker,
we collected new EMA data from two more American English speakers to augment our baseline for
segmental sequences. We collected 30 repetitions
per subject of four words begining with labial-palatal
sequences: ‘muse’, ‘butte’, ‘pew’, ‘view’.
We used an NDI Wave electromagnetic articulograph system sampling at 100Hz to capture articulatory movement. Three sensors were placed on the
sagittal midline of the tongue at the tongue tip (TT),
tongue blade (TB), and tongue dorsum (TD). Additional sensors were placed on the upper and lower
lip, just above and below the vermillion border. A
sensor was also attached just below the lower incisor

To provide an additional point of comparison to the
Russian data, we also investigated labial-palatal sequences in American English. The Wisconsin XRay Microbeam Speech Production Database includes data from American English speakers completing a range of speech production tasks, including
word lists, sentences, and read passages [12] and is
comparable to EMA data [2]. One of the word lists
in the database, Task 33, includes the word ‘beautiful’. Since this word begins with [bj], which is
typically analyzed as a sequence of a labial stop followed by a palatal glide (or vowel) in English and
not as a complex segment, it offers a useful baseline for comparison with the Russian data. There was
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to track jaw movement. References sensors were attached to the nasion and left/right mastoids.
Stimulus display was controlled using E-prime
version 2.0. The four target words were included in a
list with seven filler words and displayed on a monitor in the carrier phrase ‘It’s a
perhaps’. Each
of the eleven words was displayed once per block in
random order. Participants were instructed to read
the sentence at a comfortable speaking rate.
In post-processing, data was computationally
corrected for head movements using the reference senseors and smoothed using Garcia’s robust
smoothing algorithm [3]. Gesture identification followed the same procedure described above for the
Russian data. Lip aperture was used to parse labial
gestures for [m], [b], [p], and [v]; the TB sensor was
used to parse the palatal gesture.
Shown below are the results for the two English
speakers from our experiment, where each point represents a single measurement for a single speaker
(Figure 4). The results show the expected positive correlation in the case of all the consonantal sequences tested [bj, mj, pj, vj].

the analysis, as the mean lag-times might differ systematically based on the identity of this consonant.
Nested model comparison based on AIC did not justify inclusion of the interaction term between gesture duration (G.D.) and first segment. This
indicates that the effect of labial duration on lag was
uniform across segments. A summary of the fixed
effects is presented in Table 2. The reference category for the first segment factor was [m].
The significant positive coefficient for G.D. indicates that lag increases with increases in C1 duration,
as expected for segmental sequences. first segment also had a significant effect on lag. Relative to
[m], the reference category, lag was longer for each
of the other consonants, [b] > [p] > [v] > [m], which
may be related in part to differences in tongue position across voicing specifications [1, 11], since the
spatial position of the tongue has been shown to influence CV lag [6]. Regardless of the degree of lag,
however, the crucial result is that lag-times vary systematically with the duration of the first consonant
in all cases tested. This is consistent with the pattern found for [br] in Russian and for the 20 speaker
sample of English [bj]; crucially, only the complex
segment, Russian [pj ], is different.
5. CONCLUSION
We tested a hypothesis about the temporal basis of
complex segments vs. segment sequences in three
data sets. For the Russian data, across multiple repetitions for each speaker of [pj ], there was no positive correlation between the duration of the labial
gesture and temporal lag between labial and palatal
gestures. This result conforms to our hypothesis for
complex segments. The same Russian speakers’ [br]
sequences had a positive correlation between labial
gesture duration and the lag between labial and rhotic
gestures. This conforms to our hypothesis for segment sequences. English speakers, including a large
sample (n=20) producing a small number of repetitions and a small sample (n=2) producing a large
number of repetitions (n=30), showed the pattern
hypothesized for segment sequences for all combinations of labial-palatal gestures. Overall, the hypothesized temporal basis for complex segments vs.
segmental sequences makes the correct predictions
for this data and offers the potential to generalize
across a wide range of complex segments, including
those that are not always thought of as complex in the
same way (e.g., aspirated stops) and those for which
the proper characterization is otherwise contentious
(e.g., prenasalized stops, affricates).

Figure 4: Correlations for the data from the English experiment
Table 2: Mixed effects model for the English TB
gestures in palatal consonants [G.D. = gesture
duration, FirstSeg = first segment]

Fixed Eff.
Inter.
G.D.
FirstSeg (b)
FirstSeg (p)
FirstSeg (v)

Est.
-128.3
0.64
51.5
39.6
25.8

Std. Err.
20.1
0.09
13.1
13.1
12.4

t-val
-6.4
7.4
3.9
3.0
2.1

p(>|t|))
<0.001
<0.001
<0.001
0.003
0.04

We fitted a linear mixed-effects model with random intercepts for speakers and items to the gesture
lag between the labial and palatal gestures. As with
the preceding analyses, the main fixed effect of interest was gesture duration. We also included
the first segment [m, p, b, v] as a fixed factor in
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ABSTRACT

in White Philadelphia English [16], and the parallel
diphthongization of /e:/ and /o:/ in York, UK [12].
The parallelism of these shifts means that they are
not amenable to the typical “Push” or “Pull” analysis of Chain Shifts [13] and related explanations,
such as dispersion theory [4].
However, alternative explanations for diachronic
uniformity exist. For example, Watt [19] points out
that in the parallel diphthongization of /e:/ and /o:/
in Tyneside English, these vowels share not only a
phonological relationship, but also a sociolinguistic one. The phonetic forms [ei] and [oU] share a
common prestigious social evaluation due these being phonetic realizations more commonly found in
Southern Standard British English, thus aligning the
social capital of these phonetics with the long standing political and economic differentials between the
North and South in England. An additional possibility is that apparent parallelism of two vowel shifts
is grounded in neither phonological representation
nor social evaluation, but is rather grounded in nothing other than an accident of history that two vowels
shifted at a similar point in time. Under this analysis, parallel shifts are “incoherent” in the same way
that it has been argued that chain shifts are [18].
Results from the study of the geographical diffusion of sound changes, and the coherence of lects
suggest that these competing explanations may be
disambiguated. As a complex series of interrelated sound changes spread geographically, they do
not necessarily maintain coherence across speakers [14]. Similarly, unrelated but similarly socially
stratified sociolinguistic variables also do not always
exhibit coherence between speakers [11, 1]. If a
strong correlation along a phonetic parameter persists between two vowels after accounting for their
diachronic trajectories (i.e. their potential accidental
history) and for their social stratification, the case for
uniformity being due to shared phonological representation is stronger. I attempt such an analysis here.

In this paper, I investigate to what degree phonetic
uniformity in diachronic vowels shifts can be accounted for in terms of a shared phonetic implementation rule of phonological features [6, 10], versus a
shared social evaluation of the phonetic realizations
[19]. I take a particular focus on the parallel fronting
and subsequent retraction of the G OOSE, G OAT and
M OUTH vowels, as well as the raising of the preconsonantal FACE and pre-voiceless P RICE vowels
in Philadelphia, drawing data from the Philadelphia
Neighborhood Corpus [15]. Using generalized additive models [21] I fit models for these vowels accounting for gender, date of birth, educational attainment, and vowel duration using tensor product smooths. Looking at the correlation of the byspeaker random intercepts, back vowel fronting appears to be highly correlated, thus likely phonologically grounded, while FACE and P RICE raising is
not, thus likely socially grounded.
Keywords: sound change, phonology, phonetics,
parallel shifts
1. INTRODUCTION
It has been argued that the structured variation of
phonetic parameters across segments may be understood in terms of the phonetic implementation of
phonological features, what Chodroff & Wilson [6]
call Target and Contrast Uniformity. Target Uniformity describes the case when segments with a shared
phonological feature have a shared phonetic parameter, while Contrast Uniformity describes the case
when segments with a common phonological contrast are similarly contrasted along a phonetic parameter. Strong correlations have been found to support Target Uniformity in synchronic stop VOT [5, 6,
and sources cited therin]. Fruehwald [9, 10] argues
that Target Uniformity can also be observed in diachronic changes in the case of parallel phonetic
shifts. Examples include the parallel retraction of
/I/, /E/ and /æ/ in many varieties of North American
English [3], parallel fronting of /u:/, /oU/ and /aU/

2. THE CURRENT STUDY
For this study, I examine the correlation between
5 vowels that have been described as undergoing
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diachronic change in White Philadelphian’s speech
[16], 3 allophones that are not undergoing a change,
and one control vowel which did not undergo any
notable changes. I draw upon data from the
Philadelphia Neighborhood Corpus [15], which is
collection of sociolinguistic interviews carried out
in Philadelphia between 1973 and 2013. I specifically focus on the subcorpus of White speakers
whose educational attainment has been recorded.
The corpus has been transcribed, force aligned, and
vowel formant data automatically extracted using
the FAVE-suite [17]. Table 1 outlines the 9 vowels analyzed, their Labovian labels (which will be
used from here on out), as well as the phonetic dimension used in the analysis. Contextual vowel allophones with specialized labels are [Tuw] (postcoronal /u:/), [eyF] (word final, pre-vocalic /ei/), and
[ay0] (pre-voiceless /ai/). Due to small N for some
vowel classes, not all speakers have all vowels represented. For any pairwise correlation coefficient,
the N for that case should be understood to be the
smaller NSpeaker value of the pair.

Figure 1: Change trajectories for the nine vowels
uw
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the same reason.
The phonetic measures F1n and F2n represent zscore normalized F1 and F2, and are used to capture
vowel shifts in height and backness, respectively.
F2n −F1n captures vowel shifts along the front diagonal of the vowel space [16].

Table 1: Vowels classes in the current study.

IPA

Tuw
2
1
0
-1
-2

3. INITIAL CORRELATION OF SPEAKER
MEANS
In the first instance, speaker means for each vowel
class along the relevant measure for that vowel class
were estimated, then all unique pairwise Pearson’s
product moment correlation coefficients were estimated. For all vowel pairs, a 95% bootstrap confidence interval was estimated using 5,000 bootstrap
replicates, and p-values from all tests were adjusted
according to the Bonferroni method. Of all 36 correlations, 15 had a significant adjusted p-value. However, most of these significant correlations had relatively small correlation coefficients, with the median absolute value of r = 0.28. The largest correlation coefficient involving /i/, which underwent no
diachronic change, was r = 0.26. Only three vowel
pairs had bootstrap confidence intervals excluding
this value, shown in Table 2 along the next largest
two correlations, which are of theoretical interest.
The next largest correlation after those presented
in Table 2 was between [ay0] and /ow/, with r =
0.28, for which there is no particular phonological
nor social account. Although this correlation is significant, it may not be meaningfully interpretable at
the time being. Since the correlation between /uw/
and /aw/ is of a similar magnitude, I would argue

The vowels /uw, ow, aw/ were described by Labov
et al [16] as undergoing a fronting shift, then subsequent reversal. The [Tuw] allophone is exceptionally fronted by White Philadelphians, but doesn’t
undergo any particular shift in the 20th century.
The allophones [ey, ay0] both underwent a raising
change, while the allophones [eyF, ay] remained in
their original positions. /i/ did not undergo any notable changes, thus serves as a control vowel. While
the two sets of vowels undergoing phonetic shifts
could potentially described as sharing phonological
features, Labov et al [16] also describe them as sharing a social evaluation. Specifically, /uw, ow, aw/
reversed their fronting trend as part of a dialectal reorientation of Philadelphia from a Southern norm to
a Northern one, while the raising of [ey, ay0] continued in a linear change across the 20th century for
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Table 2: Correlation of vowel means

r

(ci)

/aw/ model fit

p-adj

ey,ay0
ow,aw
uw,ow

0.57
0.52
0.43

(0.5 – 0.64)
(0.42 – 0.60)
(0.33 – 0.53)

3 × 10−22
1 × 10−17
3 × 10−11

Tuw, uw
uw, aw

0.35
0.29

(0.22 – 0.48)
(0.17 – 0.4)

3 × 10−6
1 × 10−4
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Figure 2: Representative Model Fit
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used as the best approximation for the idiosyncratic
vowel targets of individual speakers after factoring out the effects of their broader demographics.
These random intercepts will also exhibit "shrinkage," meaning that more extreme outliers and speakers with low token counts will tend to have their random intercepts closer to 0 than otherwise.

4. MODELING
In order to disambiguate between phonological and
social uniformity, we need to factor out effects of
generational cohort, gender, and other factors of social stratification as much as possible. If the remaining individual-level variation in these vowels
remains correlated, then the case for their phonological grounding is stronger. I attempt to do this by
fitting a mixed effects model, and using the random
intercepts by speaker as the measure of remaining
individual level variation.
In the PNC, speakers’ date of birth and gender are
recorded. The only recorded class marker available
is educational attainment, which I re-coded into a 5
level variable:
1. less than high school
2. high school degree
3. some college, or 2 year degree
4. four year college degree
5. graduate degree
For the 9 vowels, I fit a generalized additive model
[21] for the outcome measure variable, including
gender as a categorical fixed effect, as well as a
three dimensional tensor product smooth [20] by
gender for date of birth (centered at 1900), educational attainment, and log scaled and median centered vowel duration. Random intercepts were included for word, preceding and following segment,
and (crucially) speaker. The same model specification was used for all vowels. For some vowels, a
simpler model specification would have almost certainly sufficed, but for some vowels at least the three
dimensional interaction between date of birth, education, and gender was necessary, as demonstrated
in the model fit for /aw/ in Figure 2. Therefore, the
more complex specification was used for all vowels
for the sake of comparability.
After fitting a gam for all 9 vowels, the random
intercept terms for all speakers were extracted from
the models. These random intercept terms will be

5. RANDOM EFFECTS CORRELATION
As was done previously, all pairwise Pearson’s product moment correlation coefficients were estimated
for the random intercepts. The largest correlation
involving /i/ among the random intercepts was 0.24.
Again, only three vowel pairs had confidence intervals excluding this coefficient, but it was not the
same three as before. /uw, ow/ and /ow, aw/ were
still highly correlated, but now /uw/ and its postcoronal allophone [Tuw] passed the threshold as being a large correlation.
Table 3: Correlation of random intercepts. Correlation coefficient for mean values also included.

Pair
uw, ow
uw, Tuw
ow, aw

ranef r
0.53
0.47
0.41

(ranef ci)
(0.44 – 0.62)
(0.34 – 0.57)
(0.28 – 0.52 )

mean r
0.43
0.35
0.52

Only one vowel pairing had non-overlapping
bootstrap confidence intervals for the correlation of
mean values and the correlation of random effects:
/ey/ and [ay0]. Speakers’ random intercepts for
these vowels were much less correlated than their
means.
Additionally, only one random intercepts correlation lie outside of the mean correlation confidence
intervals in the direction of a greater magnitude: /ey/
and [eyF].
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not evidence against a common social evaluation of
them. While it has been argued that social evaluation does not target more abstract phonological
properties [8], it would seem that the evaluation of
these vowels as "Southern" has targeted their shared
phonological status, especially since the other vowels with Southern-like phonetics (e.g. [eyF]) were
not correlated with them.
The strength of this evidence is bolstered by the
fact that /ey/ and [ay0], while having highly correlated speaker means, have a fairly weak correlation
in speaker random intercepts. The case for a shared
phonological feature between /ey/ and [ay0] is less
easy to make. [ay0] is a phonologically restricted
to pre-voiceless consonants, and it has been argued
that the phonological feature picking out this allophone for phonetic change is [−long] [2]. /ey/ on
the other hand, is distinguished from its allophone
[eyF] by being pre-consonantal. Whichever phonological feature picks out /ey/ to undergo its change,
it is not likely to be the same that picks out [ay0]
unless we propose a diacritic feature expressly for
this purpose. The high correlation between /ey/ and
[ay0] in speaker means, then, is either due to their
shared social evaluation as broadly Northern vowel
qualities, or simply do an accident of history.
Another notable result is the boost in correlation
that both /uw/ and [Tuw] and /ey/ and [eyF] received
in the random intercepts analysis. It could be argued
that this is indicative of an effect of Contrast Uniformity becoming visible after diachronic trends have
been factored out. While the difference between allophones is not “contrast” as typically conceived of
in phonology [7], they must have different phonological representations at the point they are interpreted by phonetic implementation rules.

Table 4: Comparison of Pearson’s r and bootstrap
confidence intervals between speaker means and
random intercepts for /ey/ and [ay0]

r
mean
ranef

0.57
0.12

(ci)
(0.5 – 0.64)
(0.01 – 0.23)

Table 5: Comparison of Pearson’s r and bootstrap
confidence intervals between speaker means and
random intercepts for /ey/ and [eyF]

r
mean
ranef

0.15
0.32

(ci)
(0.04 – 0.28)
(0.2 – 0.43)

6. CONCLUSION
These results can be summed up succinctly as follows:
1. The long back vowels that are adjacent to each
other in height (/uw, ow/ and /ow, aw/) are
highly correlated, no matter whether these correlations are estimated on speaker means or
speaker random intercepts.
2. The high correlation between /ey/ and [ay0] in
speaker means disappears in the correlation of
random intercepts.
3. Factoring out broad demographic effects notably boosted the correlation between two allophone pairs (/uw/ and [Tuw], and /ey/ and
[eyF]).
The case for the phonological grounding of the diachronic parallelism of the back vowels seems to be
supported by these results. After factoring out the
diachronic component, educational attainment, and
gender, speakers with fronter /uw/ tend to also have
fronter /ow/, and speakers with fronter /ow/ tend to
have fronter /aw/. This would seem to be a strong
case for Target Uniformity: there is some phonological feature that is mapped to the phonetic dimension
of vowel backness, and the phonetic implementation
rule for that feature underwent a change in Philadelphia. However, more work needs to be done to flesh
out exactly how this phonetic implementation for
vowel backness is mediated by vowel height. The
high correlations only exist between adjacent vowels, while the correlation between /uw, aw/ is not
notable.
It is worth noting that the evidence for phonological grounding of the parallelism of these vowels is

7. DISCUSSION
The analysis in this paper has focused on large correlation coefficients, however, the correlation coefficients covered a broad range of values, and most
passed the threshold of statistical significance. This
is an especially acute problem for vowel variation in
English, since there are so many vowel categories
and allophones, but it would suggest that a more
systematic and principled approach to interpreting
correlations along phonetic parameters in terms of
shared phonological structure is necessary.
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ABSTRACT

[4]. But the speech of migrant populations
experiencing dialect contact may provide insight into
one of the key mechanisms of language change [16]
and patterns of dialect acquisition [2, 13].
Northeastern and Southeastern dialects of
Brazilian Portuguese differ in several traits, and
working-class Northeasterners who have moved to
São Paulo in search of better life conditions are likely
to be recognized and suffer prejudice due to their
speech. One phonetic trait that differentiates
Northeasterners and Southeasterners in Brazil is the
realization of pretonic midvowels /e/ and /o/, in words
such as relógio ‘watch’ and romã ‘pomegranate’:
while the pretonic midvowel may undergo lowering
in Northeastern dialects when the following syllable
contains a low or a nasal vowel (hɛ.ˈlɔ.ʒiw, hɔ.ˈmã;
[11]), this type of vowel harmony does not occur in
Southeastern dialects (cf. he.ˈlɔ.ʒiw, ho.ˈmã; [1]).
Speakers experiencing dialect contact are, to some
extent, expected to accommodate to the host
community’s speech, acquiring certain linguistic
features from their new environment. We thus
analyze whether Northeastern migrants in São Paulo,
in accommodating to the host community’s linguistic
patterns, tend to raise their pretonic midvowels and,
if so, if this occurs to only one or both midvowels.
From the perspective of linguistic uniformity, the
expectation is that this process applies simultaneously
to both /e/ and /o/.
Strong evidence of uniformity for vowels comes
from Labov's [8] seminal work in New York City:
pairs of phonetic variables such as (aeh)- and (oh)raising (as in bad and law) and (ay) and (aw) (as in
ride and loud) tend to have similar indices for each
speaker. This, however, refers to the speech of native
speakers.
By contrast, here we found that while there is a
significant correlation between pretonic /e/ and /o/’s
height in the migrants’ speech, further analyses of
individuals’ speech show that for half of the speakers,
convergence with the host community’s patterns has
occurred for only one of the vowels. We show that
acquiring the host community’s “target” vowel height
for both midvowels is largely dependent on speakers’
age of arrival in the new community.

We analyze dialect accommodation of pretonic
midvowels /e/ and /o/ in the speech of 32
Northeastern migrants living in the Southeastern state
of São Paulo/Brazil. Both vowels undergo lowering
in Northeastern dialects (hɛ.ˈlɔ.ʒiw ‘watch’, hɔ.ˈmã
‘pomegranate’) but not in the Southeast (cf.
he.ˈlɔ.ʒiw, ho.ˈmã). We thus analyzed whether these
speakers, in accommodating to the host community’s
dialect, tend to raise none, one or both vowels.
Analyses of 1,916 tokens of /e/ (μF1 = 475Hz, sd =
47) and 1,645 tokens of /o/ (μF1 = 482Hz, sd = 51),
extracted from sociolinguistic interviews with the
migrants, show that there’s a significant but weak
correlation between the vowels’ height (Spearman’s
rho=0.38, p<0.05), signaling uniformity in dialect
accommodation. Further analyses of the individuals’
speech show that half of them accommodated to only
one of the vowels, and that accommodation to both
vowels depends on speakers’ early arrival at the host
community.
Keywords: uniformity; dialect accommodation;
pretonic vowels; Brazilian Portuguese
1. INTRODUCTION
This paper analyzes linguistic uniformity [3], or
linguistic coherence [7], in the speech of Northeastern
internal migrants living in the Southeastern state of
São Paulo, in Brazil. Earlier works on linguistic
coherence have analyzed covariation between
variables which are structurally related [6] (e.g.
between -s deletion and nominal agreement) and
unrelated [10] (e.g. between coda /r/ pronunciation
and nasal /e/ diphthongization), among multiple
changes in progress [14] (e.g. quotatives be
like/say/do and intensifiers so/very/really), local
features [15] (e.g. between verbal -s as in I likes it and
intensifier right as in He’s right huge in Inuit English)
and stereotypes [6] (e.g. verb and nominal agreement
in Brazilian Portuguese). Fewer works, in
comparison, have examined linguistic coherence in
migrants’ or immigrants’ speech (but see [5]).
In fact, migrants’ speech has received less
attention than more “prototypical” members of a
speech community within language studies in general
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bottom left of that panel are the ones who have mostly
converged with the host community’s pattern, with
lower measurements of F1 (i.e. relatively higher
vowels).

2. CORPUS AND METHODS
We analyzed the speech of 32 migrants from the
states of Alagoas and Paraíba, in the Northeastern
region of Brazil, who have lived in São Paulo
between 1 and 55 years and who moved when they
were between 9 and 40 years of age. Migrants were
balanced for gender, length of residence, and age of
arrival, and were recorded in one-hour-long
sociolinguistic interviews by natives of the state of
São Paulo. Additionally, the speech of 7 native
Paulistanos of similar social characteristics, also
recorded in sociolinguistic interviews, was analyzed
as a control group, against which accommodation to
the host community’s pattern was evaluated.
For each of the 39 speakers, we collected 190–200
tokens of pretonic vowels: about 50 tokens of
pretonic /e/ and /o/, and about 30 tokens of /i/, /a/ and
/u/ (in order to visualize each speaker’s full pretonic
vowel space), in the phonetic context in which
Northeasterners are most likely to produce vowel
lowering: words that contain a low or a nasal vowel
in the following syllable [11]. Vowels were
normalized by the Lobanov method [9] and analyzed
in R [12] in a non-parametric correlation test and in
mixed-effects linear regression models including
Lexical Item as a random effect.

Figure 1: Scatterplot of mean pretonic /e/ and /o/
for migrant speakers.

As F1 measurements for both vowels are not
normally distributed, a non-parametric correlation
test was run (Spearman). There is a significant but
weak correlation (ρ = 0.38, p = 0.03) between the
vowel heights. On the scatterplot, we can see that
along with speakers whose pretonic /e/ and /o/ are
relatively symmetric, there are a few speakers –
falling father from the regression line or the mid
diagonal – who have favored accommodation to only
one of the vowels.
We thus analyzed individual speakers’ behavior in
linear mixed-effects models, one for each vowel, with
the native Paulistanos’ sample as the reference level
and Lexical Item as a random effect. Tables 2 and 3
show the results for female and male speakers
respectively, identified by their pseudonyms.
Table 2 shows that native Paulistanas’ average F1
is 449.2 Hz for /e/ and 477.9 Hz for /o/. On the
subsequent lines, each speaker’s estimate for vowel
height is shown as the difference in relation to the
reference level “SP”, along with its significance.
Positive estimates indicate lower vowels than those of
native Paulistanas (i.e., closer to the migrants’ home
state pattern), negative estimates indicate higher
vowels than those of native Paulistanas, and estimates
close to zero showing no significant differences
indicate similar patterns to those of the host
community. Since we are interested in which
speakers have approximated the São Paulo dialect, we
consider both negative estimates and insignificant
differences as convergence with the host
community’s pattern. The last column thus indicates
if the speaker has accommodated to none, one or both
pretonic midvowels.

3. RESULTS
Table 1 shows the results of two linear mixed-effects
models, one for each vowel (/e/ and /o/), comparing
speakers’ vowel height by sample (native Paulistanos
vs. migrants). It shows that, overall, migrants’
pretonic vowels are significantly lower (+13.6Hz and
+10.0Hz for /e/ and /o/, respectively) than those of
native Paulistanos.
Table 1: Linear mixed-effects models of pretonic
/e/ and /o/ height (F1 in Hz).

Intercept:SP
migrants

Vowel /e/
N = 2,248
Est. p
445.8 ***
13.6 ***

Vowel /o/
N = 1,984
Est. p
471.8 ***
10.0 ***

***p < 0.001.

Figure 1 shows how the two vowels pattern
simultaneously for each migrant. It displays the
distribution of F1 measurements in the histograms on
the top left and bottom right panels, and a scatterplot
of migrants’ pretonic /e/ and /o/ vowels on the top
right panel. On the scatterplot, each dot represents a
speaker; the x-axis refers to mean F1 measurements
of pretonic /o/, and the y-axis refers to mean F1
measurements of pretonic /e/. Thus, speakers on the
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Table 2: Linear mixed-effects models of pretonic
/e/ and /o/ height (F1 in Hz) for female speakers.

Vowel /e/
N = 1,149
Est. p
Intercept:SP

449.2

Fabiana
Gildete
Jane
Maria
Natalia
Solange
Vanessa
Darlene
Lourdes
Marinalva
Antonia
Josane
Marta
Michele
Nadia
Raquel
Valdenice

-9.1
-7.4
-2.8
-6.1
8.3
2.7
-23.2
-1.2
9.4
14.3
16.6
22.7
22.6
24.1
48.6
27.6
19.3

***

***

*
**
**
**
***
***
*

Vowel /o/
N = 990
Est. p
477.9

-1.3
-20.3
4.8
-25.6
8.6
-11.8
-35.5
24.6
22.9
20.7
-0.1
10.9
9.0
14.1
-4.5
17.6
9.4

Acco.

***

**
***

***
**
**
*

both
both
both
both
both
both
both
/e/
/e/
/e/
/o/
/o/
/o/
/o/
/o/
/o/
/o/

to both vowels, 6 have accommodated to one of them,
and 3 have accommodated to neither.
The question then is who the “coherent” and
“incoherent” speakers are and whether there is a clear
motivation for their different behavior. In Figure 2,
each bar height is the count of the number of speakers
accommodating to neither, one or both vowels
according to their sociodemographic characteristics:
(a) sex; (b) length of residence (less than 10 years,
between 11-29 years, or 30+ years); and (c) age of
arrival (between 9–17 y.o., 18–24 y.o., or 30+ y.o.).
Chi-square tests were run within each group,
excluding any empty cells from the frequency tables.
Figure 2: Patterns of accommodation by speakers’
social characteristics: sex (top), length of residence
in São Paulo (center), and age of arrival (bottom).

*p < 0.05; **p < 0.01; ***p < 0.001.
Table 3: Linear mixed-effects models of pretonic
/e/ and /o/ height (F1 in Hz) for male speakers.

Vowel /e/
N = 1,099
Est. p

Vowel /o/
N = 994
Est. p

Intercept:SP

449.9

473.2

Aldo
Geronimo
JoaoS
Josue
Lucas
Pedro
Joao
Marco
PedroC
Valdo
Henrique
Josemar
Arnaldo
Roberto
Rodrigo

2.8
-12.6
6.8
11.9
1.6
-2.4
-5.9
-5.8
-0.6
-10.3
42.2
18.9
21.5
32.8
47.1

***

*

***
***
**
***
***

11.5
-13.3
9.5
5.6
13.7
3.2
30.5
19.0
43.1
14.1
16.4
4.3
23.6
28.7
29.9

Acco.

***

*

***
*
***
*

**
***
**

both
both
both
both
both
both
/e/
/e/
/e/
/e/
/o/
/o/
none
none
none

+p > 0.05; **p < 0.01.

*p < 0.05; **p < 0.01; ***p < 0.001.

As already seen on Tables 2 and 3, both men and
women have accommodated to Paulistano vowels to
a similar proportion. Although females have
apparently accommodated more to vowel /o/ (N = 7)
than /e/ (N = 3), and males have accommodated more
to vowel /e/ (N = 4) than /o/ (N = 2) in this sample,
this may well have happened by chance (χ2 = 1.88(2),

On Table 2 we can see that 7 out of the 17 women
have accommodated to both vowels, while the others
have accommodated to only one of them. A similar
pattern arises in the migrant males’ speech on Table
3: only 6 out of the 14 speakers have accommodated
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p = 0.39 for females and χ2 = 2.33(3), p = 0.51 for
males), as these differences are not significant.
Dividing speakers by length of residence gives us
a similar picture. There are no significant differences
regarding patterns of accommodation for speakers
who have lived at the host community for less than 10
years (χ2 = 0.50(2), p = 0.78), between 11 and 29
years (χ2 = 0.12(2), p = 0.90), or more than 30 years
(χ2 = 4.0(3), p = 0.26). Also, there is no difference for
those who have been living in São Paulo longer (11
or more years compared to 10 or fewer years; χ2 =
3.84(2), p = 0.14).
The only clear pattern regarding accommodation
to pretonic midvowels relates to speakers’ age of
arrival: those who arrived at 17 years of age or earlier,
i.e., during their late childhood and teenage years,
have significantly accommodated to both vowels in
comparison to accommodating to only one of them
(χ2 = 13.0(2), p = 0.002). This, however, does not
seem to be a gradual trend. For those arriving at 18 or
later, there is no significant difference (χ2 = 3.33(3),
p = 0.34 for arrivals between 18 and 24 y.o. and χ2 =
2.0(3), p = 0.57 for 30+ y.o.).

uniformity for pretonic midvowels in our present
sample seems to be in accord with that generalization.
On the other hand, the fact that half of the 32 mobile
speakers have either sustained their native vowels’
height or accommodated to both also shows that
uniformity is a relevant principle. However,
uniformity does not seem to apply to all contexts and
speakers. Here we provide evidence that acquiring
new parallel phonetic rules, even of a dialect of the
same language, depends on relatively early social
interaction with speakers of the new community.
The reason why speakers who have
accommodated to both vowels are mainly the ones
who arrived before the age of 18 is probably due to
the social networks they have managed to establish
upon arrival [16]. In our sample, the two main reasons
for adult migration is searching for better jobs or
accompanying a spouse (in the latter case, female
speakers whose husbands got a job in São Paulo and
are now stay-at-home housewives). Working-class
Northeasterners tend to maintain strong ties with
other home state migrants in their personal and
professional networks. In contrast, those who arrived
before the age of 18 have mostly migrated along with
their parents and have had the opportunity to attend
school with local kids. This type of early and regular
social interaction with local peers seems to be the
trigger to dialect accommodation. Testing this
specific hypothesis falls beyond the scope of the
present study, but our results provide sufficient
motivating evidence for this new hypothesis to be
pursued in a future study.

4. DISCUSSION
The comparison between native Paulistanos and
migrants’ vowel height in Table 1 shows that
migrants have generally not converged with the host
community’s pretonic mid-vowels, as they maintain
significantly lower /e/ and /o/ pretonic vowels.
Individually, however, migrants’ speech exhibit
great variation. While 13 speakers converged to the
host community’s pattern regarding both vowel
heights, 16 have accommodated to only one of them,
and 3 to none. This explains the weak correlation
observed in Figure 1 above: only half of the speakers
exhibit linguistic uniformity or coherence, in that they
have accommodated to neither or to both vowels to a
similar degree. The other half has accommodated to
only one of the vowels, with no discernible preference
for /e/ or /o/.
An examination of these speakers’ social
characteristics shows that accommodating to both
vowels to a similar degree depends fundamentally on
the speakers’ early arrival at the new community.
Migrating later in life, even if a speaker has lived at
the new community for a long period, significantly
drops the probability that the speaker will
accommodate to one or both vowels and, more
importantly, that the speaker will maintain linguistic
uniformity for pretonic midvowels.
It has been previously argued that linguistic
coherence is stronger among speakers whose parents
were also born in the same community and among
those with low mobility [10]. The overall weak

5. CONCLUSION
This paper has analyzed uniformity or linguistic
coherence in the speech of internal migrants in a
dialect contact situation. From a starting hypothesis
that Northeastern migrants living in the Southeastern
state of São Paulo/Brazil would accommodate to two
pretonic midvowels whose realization is different in
each dialect of Brazilian Portuguese, we found that
only half of the speakers are “coherent”, either
maintaining a lower realization or raising both.
Further analyses of speakers’ sociodemographic
characteristics indicate that accommodation to both
vowels is largely dependent on early arrival at the
new community, before adulthood.
Future work on uniformity and linguistic
coherence should thus also examine other social and
internal constraints, in order to explore the limits of
its workings. In particular, the role of social networks,
language attitudes and identities, albeit difficulties in
operationalizing them, should offer insights into the
great amount of individual variation and apparent
“incoherence” that we find in dialect accommodation.
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intonational form. Specifically, dynamic properties of
the F0 contour, such as peak shape and slope [8, 21]
have been found to be perceptually relevant for pitch
accent category assignment. The Tonal Center of
Gravity [ToCG, 4] hypothesis, inspired by empirical
data on intonation perception in languages such as
Italian [8], English [21] and German [22], is based on
the idea that perceived properties of tonal contours
(both alignment and scaling) are influenced by the
integration of their dynamic properties, such as the area
covered by a rise-fall shape.
Rising curvature has been found to be nearly
significant in the perception of question vs contrastive
topic statements in Neapolitan Italian [10, 25], and
appears to be difficult to imitate in L2 production, even
for very proficient speakers [14]. Moreover, it is
differently used by individual speakers of the same
variety [23]. Hence in this study we explore whether
rising contours, sharing an identical AM description
could be differently identified on the basis of curvature
differences alone.
In French, both terminal continuation and yes/no
question contours can be identically labelled as a LH*
H% sequence [27, 12, 31, 28] though their curvature
can be different in production. In informal
observations, Delattre [13] described the continuation
contour as being more concave than the question
contour (in addition to having a lower final F0 peak).
The perception data in [15] showed indeed an impact
of contour shape in perception, though in the opposite
direction, i.e. questions were mainly cued by concave
rise shape. The hypothesis we explore here is hence that
French continuation and question rises can be
identified in perception on the basis of rise shape alone,
independent of L and H alignment and scaling. A
perceptual test with resynthesized stimuli was therefore
performed to test our hypothesis.

ABSTRACT
The present study aims at uncovering the impact of
dynamic details of intonational rises sharing the same
tonal description but differing in the actual shape of the
F0 contour. Two French rising final contours, both
labelled as LH*H% in AM, are used to mark
continuations or yes/no questions. The hypothesis
tested here is that a perceptual difference between the
two contours would stem from the particular dynamic
characteristics of the rise, notably from the shape of the
interpolation between the L and the H tonal targets,
which has been noticed to be different between the two
(convex vs. concave). We hence created resynthesized
speech stimuli, in which tonal target alignment, scaling
and segmental duration were rendered ambiguous,
while rise shape was modified from concave to convex
in two base stimuli. Results of a two-alternative forced
choice test suggest that dynamic properties of the pitch
rise can alone affect contour identification.
Keywords: intonation, perception, interpolation shape,
question, continuation, French.
1. INTRODUCTION
Intonation contours have either been modelled in
holistic ways, through rises and falls [7, 24], or else as
a sequence of static tonal targets [26]. Static target
models are based on the notion of ‘turning point’ within
the F0 curve, defined on both time and pitch
dimensions (e.g. L(ow) and H(igh) tones). This is
because the AM model of intonation stipulates that the
shape of the interpolation as well as the slope between
two tonal targets is not relevant, since it is the result of
a mostly linear interpolation between them [26, 2, 3].
In other words, a rise, for instance, can be steep or
shallow, but this would only be an epiphenomenon of
the longer or shorter segmental sequence intervening
between the targets. Moreover, shape differences in
terms of curvature are not taken into account. This type
of static description of prosodic events in production is
not disputed anymore, though the relevance of shape
and slope differences has yet to be dismissed in the
realm of intonation perception.
Work reported in [17, 18, 19, 20, 9, 16, 8, 4] has
actually shown that complex dynamic phenomena must
be taken into account in the process of identifying

2. METHOD
2.1. Stimuli

20 utterances composed of equal segmental material
were recorded by a female speaker of Southern French
with either a question or a continuation contour (20*2).
The rise was always followed by an IP boundary, as in
the examples in (1) and it always occurred on the
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alignment was kept at the offset of the final vowel (see
Fig. 2). Tonal targets in both utterances were scaled to
the same F0 level (199 Hz for L, 379 Hz for H), i.e. the
average between the values of the two prototypical
utterances. The initial F0 values in the stretch
preceding the L target were also averaged between the
two bases and resynthesized as a straight line.
After stylizing the two base stimuli in PRAAT [6],
the interpolation line between L and H was modified so
as to create two continua going from the most concave
(step 17) to the most convex (step 1) shape. In order to
do so, the mid-point of the interpolation between L and
H was selected (M) and the corresponding F0 value was
modified in 10 Hz steps from a value equal to that of
the preceding L target (209 Hz) up to a maximum value
of 359 Hz (i.e., 10 Hz lower than the value for the H
target), for a total of 17 steps (see Fig 2). The two base
stimuli (step 0), resynthesized with ambiguous duration
but retaining original F0 values, were included in the
experiment.

second syllable of the noun preceded by the preposition
des ‘of the’. To obtain a sentence internal IP boundary,
declarative sentences were enriched with a
parenthetical after canaux ‘canals’ (see 1a).
(1a)

La beauté des canaux, telle qu’elle est décrite
par les touristes, donne envie de voyager.
‘The beauty of the canals, as it is described by
tourists, gives a desire to travel’

(1b)

La beauté des canaux ?
‘The beauty of the canals?’

Figure 1: Schematised pitch contour in the
two modalities.

Figure 2: Schema of the 17-step modification with
segmental annotations (C for consonant, V for
vowel), used to create the 2 continua.

Recordings were made with a head-microphone in an
anechoic room with Audacity software, at the Parole
and Language Laboratory of Aix Marseille University.
Utterances of the type shown in 1a above where cut at
the start of the parenthetical before creating the
resynthesized stimuli, in order to have base stimuli of
the same size.

F0 (Hz)

Step 17____

___Step 1

2.1.1. Norming
An online survey with a two-alternative forced choice
(question vs. continuation) task was carried out on the
gorilla.sc website. 9 participants chose a prototypical
question/continuation pair among the stimuli. ˈ
Out of the 40 heard utterances only 1 utterance pair
received 100% identification for each member, which
was then chosen as the basis for resynthesis. 16
additional correctly identified stimuli (over 80%
correct) were further used as fillers.

2.2. Participants

30 French native speakers drawn from the university
population at Aix Marseille University participated in
the study (6 males) with an average age of 22.43 (min.
= 18, max. = 40). All participants were monolinguals
and did not report any hearing impairment. Participants
received monetary compensation in the form of a giftvoucher.

2.1.2. Perception stimuli

2.3. Procedure

Two base stimuli, a prototypical declarative question
and a prototypical continuation, were hence selected.
From each utterance we then cut the sequence des
canaux [dekaˈno] (‘of the canals’), to which the final
rise was associated. Segmental durations as well as
tonal target scaling and alignment were first rendered
ambiguous by taking the average values of the two
original base stimuli. Specifically, for alignment, L
targets were placed at the boundary between the last
onset consonant /n/ and the final vowel, while H

The experiment took place in small groups of 2 to 4
participants in a computer room at the Parole and
Language laboratory in Aix-en-Provence, France. A
two-alternative forced choice task was created through
Perceval software [1]. Each participant was placed in
front of a computer screen, equipped with headphones
and response pads (placed under the dominant hand).
Sound intensity was always set to the same value.
Participants were asked to give one of two possible
responses upon hearing each stimulus: question or
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continuation. They were instructed to give their
responses as quickly as possible and could only listen
to each stimulus once. After a short training session,
experimental stimuli were presented in 5 repetition
blocs of 36 stimuli each, plus 16 fillers. A short break
was placed after the third bloc to allow participants to
rest.

also be observed both in Fig. 3 and in Tab. 1. The model
was then retransformed for multiple comparisons to
have 36 levels (18 Steps * 2 Base types), 10 levels (5
Blocs * 2 Base types). For the sake of space, not all
comparisons are presented. Table 1 shows the
comparisons of 3 steps at the beginning of the
continuum (before step 10) and 3 steps after step 10.

2.4. Results

Figure 3: Percentage and standard error of ‘question’
responses by Step and Base for all subjects.

Response scores and reaction times were collected
(though reaction times are not analysed here). Data for
4 participants were excluded (they responded with the
same key more than 90% of the times). Thus, we
analysed data from a sample of 26 participants, for a
total of 4680 data points. Percentage of “question”
responses was calculated across all subjects, by step (1
for the most convex, 17 for the most concave, as shown
in Fig. 2, while 0 is used for the base stimuli).
Note that the base stimuli (step 0) were identified
with a very high score (95% of “question” responses
for the question-base stimulus and 83% of
“continuation” responses for the continuation-base
stimulus), despite their duration was rendered
ambiguous between the two modalities. Note also that
the Step manipulation induced the same direction of the
effect for both continua, in that increasing concavity
lead to more question responses from stimulus 1 to
stimulus 17 for both series.
To statistically test the response variance, mixedeffect logistic regression models were carried out. R
software with ‘lme4’, ‘lmerTest’, ‘car’ and ‘multcomp’
packages was used to carry out the statistical analysis.
Step (0 to 17), Base type (question vs. continuation)
and Bloc number were specified as fixed factors (with
their interaction), and random slopes for Base type and
Step as well as random intercepts for Participants, were
included in the retained model1. Since our data set was
too large for the default fitting methods in ‘glmer’, it
was necessary to implement the function option
“nAGQ=0” for the model-fitting process to converge
[5]. The Anova function retained our three fixed factors
Step (χ2=50.75, p<0.001), Base type (χ2=42.44,
p<0.001) and Bloc (χ2=6.35, p<0.01) as significant.
As for the interactions, the model retained only the
one between Step and Base (χ2=37.21, p<0.01) and
Base by Bloc (χ2=6.45, p<0.01), so that multiple
comparisons (Tukey test with Bonferroni correction)
were carried out to find the source of these interactions.
The interaction between Step and Type could be
explained by a smaller rate of change in the amount of
question responses across step in question-based
stimuli than in continuation-based stimuli. This can

For instance, response score was significantly different
between the continuation-base steps 3 and 14, which
was not the case for questions.
Detailed analyses of multiple comparisons of the
interaction between Bloc and Base type revealed an
effect of Bloc 2 (β =-5.06, β SE= 1.428e-01, p<0.01),
i.e. of Bloc 3 (β=-5.57, β SE= 1.428e-01, p<0.01) and
Bloc 5 (β =-5.88, β SE= 1.431e-01, p<0.01) for
continuation responses when compared to Bloc 1. No
such dependency was found for questions. Therefore, a
slight effect of adaptation to the task was observed only
for continuation responses.
Table 1: p values of several multiple comparisons
between steps. Significant p values are represented
on the darker background.

Step 10
Step 14
Step 17
Step 10
Step 14
Step 17

Continuation base
Step 1
Step 3
0.000772
0.000181
4.39e-10
7.02e-11
< 2e-16
< 2e-16
Question base
0.000884
0.965744
2.64e-05
0.122697
< 2e-16
1.38e-09

Step 7
1.000000
0.133679
9.19e-07
1.000000
1.000000
3.35e-05

We also estimated 50% crossover points for both
continua on the basis of the simpler glmer model2 and

1

2

R
function:
glmer
(response~step*type*bloc
+(0+step2|subject)+(0+type|subject)+(1|subject),
family="binomial", nAGQ=0).

R function: glmer (response~step
family="binomial", nAGQ=0))
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+

(1|subject)

Morever, Base type had an effect on the
manipulation, given that our statistical analyses
showed an interaction between Step and Base.
Specifically, the shift from continuation to question and
vice-versa was not homogeneous, given the tendency
for continuation-base stimuli to produce a later shift
(9.63 step as cross-over point), with a softer slope in
the response curve which is visible in Fig. 3. We can
speculate that this might have been due to specific
intensity and/or spectral characteristics of the base
stimuli. As for intensity, Rossi [29] pointed out the
need for this acoustic feature to reach specific values in
order to induce the perception of specific intonation
contrasts. Grundstrom [15] also showed that greater
intensity values towards the end of the rise continuum
increased question identification, to the exception of
stimuli characterized by higher F0 ranges. Note that
intensity and F0 do also interact in the perception of
lexical tone in Mandarin [32]. Thus, given that neither
intensity nor spectral cues were rendered neutral in our
stimuli, they might have induced the observed
interaction.
Finally, note that the slope of the response curves is
rather shallow for both continua (though slightly less
for the continuation-base continuum) hence not bearing
the typical S-shape curve of categorically perceived
stimuli. This might have been merely due to the use of
very small F0 steps. Alternatively, this can be
accounted for by the fact that rise shape might be a
secondary cue relative to H target scaling and/or
duration.
In sum, our results show that interpolation rise
shape can act as a cue differentiating intonation
contours in perception, in the absence of unambiguous
tonal target alignment and scaling information. Hence,
a complex integration of F0, intensity and possibly
spectral dynamics might be at the basis of the
perceptual representation of intonation, similar to
lexical tone contrast. Future work will need to assess
whether dynamic cues are employed only when
primary cues are missing and/or in the presence of
noise.

obtained the following values: for question base
stimuli, crossover occurred at step 5.53 (SE= 1.49),
while for continuation base stimuli at step 9.63
(SE=1.27). Step 0 was not included for these
calculations. The estimated crossover points for each
continuum are represented in Fig. 2 with red stars.
3. DISCUSSION
In this study we tested the effect of interpolation shape
(continuation vs. declarative question) in French.
Resynthesized stimuli were used in a two-alternative
forced choice task with two 17-step continua created on
the basis of either a continuation or a question base
utterance in which segmental duration was rendered
ambiguous between the two modalities.
First, our results strongly suggest that the shape of
the LH interpolation can alone shift contour
identification from one modality to the other, though
the effect was stronger in continuation-base than in
question-base stimuli. Hence our hypothesis that
French continuation and question rises can be
identified on the basis of rise shape, independent of L
and H alignment, as well as target scaling and
segmental duration, was confirmed by the results.
Despite the fact that our results provide further
support to the importance of dynamic pitch information
in the perception of intonation contrasts, they cannot be
easily accounted for by the ToCG hypothesis, stating
that contour shape might induce a different tonal
alignment perception. According to ToCG, convex
stimuli should translate into a later perceived H
alignment. In French, though, H alignment is not
significantly different between French question and
continuation rises in production [28], hence alignment
cannot be the basis of the perception difference. A more
dynamic interpretation of the perception results is
hence in order.
Our findings are, on the other hand, in line with those
by Grundstrom [15], suggesting that concave
interpolation is a feature of perceived question
intonation in French. The author also noticed, though,
that greater levels of identification were guaranteed by
the rise being produced at a sufficiently high F0 level.
Given that both duration and tonal target values were
rendered ambiguous between the two base stimuli, our
results point to the fact that the listener, when deprived
of clear alignment and scaling information, can employ
dynamic F0 information in order to distinguish
between the two contours. Note also that stimuli at step
0, which were only durationally modified in order to be
ambiguous between the two modalities, were still
clearly identified as belonging to either one of the
modalities, possibly thanks to keeping the original
scaling values (i.e., a higher final H for questions). This
suggests that duration itself might not be a crucial cue
for identification of this contrast in French.

4. CONCLUSION
Our study confirms sensitivity on the part of French
listeners to dynamic changes in intonation rises, and its
use in understanding speaker’s pragmatic intentions.
Stimuli varying in degree of convexity within an F0 rise
were either identified as continuations or as questions,
in absence of unambiguous target scaling, tonal
alignment and durational cues. Future work will need
to determine whether dynamic information is further
reanalysed in terms of perceived static targets, with
specific alignment and scaling values, or if the
representation of intonation is itself dynamic in nature.
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Mandarin is expected by policy. This urban youth
speech has been crystallised and is used in an
increasingly wide range of social circumstances.
The paucity of work on Plastic Mandarin prompts
this study to perform instrumental phonetic analysis
on naturalistic data. Plastic Mandarin has the same
tonal categories as Standard Mandarin (1-4). The
pitch patterns, however, are different. Our prior
research established the canonical citation forms of
Plastic Mandarin tones by analysing utterances of
monosyllable /i/ in four tones by eight speakers. Table
1 summarises the tone system of Plastic Mandarin
based on the empirical data, shown in the figure
below where the average of normalised pitch values
(in semitones scaled from 1 to 5) of eight speakers
was plotted at 10% intervals. Chao’s tone letters [3]
were adopted in the description of pitch values.

ABSTRACT
This paper presents an experimental investigation of
pitch variations of tone sequences under different
contexts in Plastic Mandarin, a newly-formed
contact-induced regional Mandarin variety. Instead of
describing 𝑓" variations of a single tone-bearing unit,
the 𝑓" contours of trisyllabic phrases varying in tonal
composition, utterance position, and focus condition
were examined by building orthogonal polynomial
models on production data elicited from connected
semi-spontaneous natural speech. The coefficients of
the models that capture the shape of 𝑓" contours were
subjected to further linear mixed effects analysis.
This study reveals the synergistic effects of tone
interactions, focus, and declination, exerted on the 𝑓"
of the whole phrase in an integrated manner. The
findings enhance our knowledge of a prevalent yet
scarcely studied Mandarin variety and contribute to
the on-going research into the dynamic realisation of
tone and intonation in connected speech.

Table 1: Descriptions of Plastic Mandarin citation
tones based on empirical data
Pitch
value

Tone

1
2
3
4

Keywords: Plastic Mandarin, polynomial modelling,
intonation, contextual tonal variation.
1. INTRODUCTION

˧
[
\
]

M
LM
L
MH

Tone 4

Description
(lower) mid level
low to mid rising
low-mid to low falling
mid to high rising

Tone 1

Tone 2
Tone 3

1.2. Studies on tone and intonation

Prosodic information including pitch contours play a
crucial role in discriminating language varieties [23].
Plastic Mandarin, for example, impressionistically
differs from Standard Mandarin in pitch patterns.
This study examines the contextual tonal variations in
Plastic Mandarin, particularly downstep phenomena.

The surface 𝑓" realisation of connected Mandarin
speech is never as straightforward as concatenating
contours of corresponding lexical tones [10] and the
surface tone pattern of a morpheme varies in different
prosodic contexts. Such 𝑓" variation has been a locus
of integrated research involving phonological aspects
of a language, biomechanical aspects of speech
production,
and
information
structure
in
communication. Previous research has demonstrated
the effect of the preceding and following tones [18,
25], sentence types [26], utterance positions [15],
focus and topic [4, 24], in various languages. Many
studies, though, worked on individual factors without
examining their interactions, and were based on
laboratory read speech or sometimes nonsense carrier
sentences (e.g. [25]).
The present study investigates the effect of tonal
combination, focus, and utterance position on 𝑓"
realisation of trisyllabic phrases in connected speech
of Plastic Mandarin, using quantitative modelling.

1.1. Plastic Mandarin

Language variation and change are concomitant with
the official promotion of Standard Mandarin
throughout China when it comes into contact with
local dialects.
In the city of Changsha in Hunan province, China,
a local Mandarin variety has emerged, termed Plastic
Mandarin, in which plastic connotes the sense of
being inauthentic. Plastic Mandarin here refers to a
particular non-standard variety with distinct
intonation in Hunan. It is predominantly used in
schools in urban Changsha, serving as the de facto
medium of communication, though Standard
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manipulated in our analysis of contextual tonal
variations. In total, there are 4 (tonal combinations) ´
3 (position) ´ 2 (focus) = 24 utterance patterns. Due
to the uncertain nature of the guessing game, we
obtained different number of repetitions of each
pattern, and 232 tokens in total. Sound files were
labelled and segmented in Praat [2].

2. METHOD
2.1. Recordings

The recordings were obtained in my fieldwork in
Changsha, Hunan, China in September 2017. This
study focuses on twelve trisyllabic phrases
concatenated into complete sentences, as displayed in
Table 2. In each phrase, the first and the third
syllables bear tone 4, which has the highest pitch
target among the four tones, while the medial syllable
was varied. Syllables with high nuclear vowels
including [i], [ɪ], [ʊ], [u], and [y] were mainly
selected for the medial syllables to minimise
variability induced by vowel intrinsic 𝑓" [12]. Efforts
were made to include as few aspirated or voiceless
prevocalic obstruent consonants as possible, in order
to avoid their 𝑓" perturbation effects [27].
Table 2: Trisyllabic Stimuli.
Test phrase
IPA
yi gong jiang [i kʊŋ ʨiaŋ]
414
yi ni jiang
[i ni ʨiaŋ]
424
yi tie jiang
[i tiɛ ʨiaŋ]
434
yi mu jiang
[i mu ʨiaŋ]
444
zai yi yuan
[ʦaɪ i yɛn]
414
zai ting yuan [ʦaɪ tʰɪŋ yɛn]
424
zai ying yuan [ʦaɪ ɪŋ yɛn]
434
zai xi yuan
[ʦaɪ ɕi yɛn]
444
kan su ju
[kʰan su ʨy]
414
kan lu ju
[kʰan lu ʨy]
424
kan wu ju
[kʰan u ʨy]
434
kan yu ju
[kʰan y ʨy]
444

Tone Sequence

Table 3: Demonstration of the card game.
Conversation

Translation

A [ʂeɪ ʦaɪ ɕi yɛn kʰan u ʨy]
B [i mu ʨiaŋ ʦaɪ ɕi yɛn kʰan u ʨy]
A [pu tweɪ]
B [i ni ʨiaŋ ʦaɪ ɕi yɛn kʰan u ʨy]
A [tweɪ la]

Who is watching dance opera in
the theatre?
Carpenter Yi is watching dance
opera in the theatre.
Not correct.
Mason Yi is watching dance
opera in the theatre.
Correct!

2.2. Polynomial modelling

Gloss

Character
Location
Action

Craftsman Yi
Mason Yi
Blacksmith Yi
Carpenter Yi
in the hospital
in the courtyard
in the cinema
in the theatre
watch Suzhou opera
watch Luzhou opera
watch dance opera
watch Henan opera

Polynomials have recently been employed to model
𝑓" contours in speech [1, 7]. This study adopted the
approach in [7] using orthogonal (Legendre)
polynomials, raising the number of coefficients to
five to model the shape of these trisyllabic phrases.
Alternative models including PENTA model [19] and
CR model [8] were not chosen given their
predetermined assumptions about 𝑓" production.
The model was specified by a best-fit sum of
coefficients, 𝑐$ , that multiply Legendre polynomials
normalised to unit variance, 𝐿$ (𝑡):
𝑓)" (𝑡) = , 𝑐$ ∙ 𝐿$ (𝑡)
(1)
$

Recordings of 7 speakers (4 females and 3 males)
were used in the present study. They were high school
students aged 16 in Changsha Nanya Middle School.
The elicitation was conducted through a card game,
which provided a relaxing context for speakers to
comfortably speak Plastic Mandarin, and kept them
maximally engaged. Formal elicitation was avoided
because students were likely to switch to Standard
Mandarin in a formal interview setting, as they have
been trained for years. Participants in pairs were
given three sets of cards: Character, Location, and
Action, and a fully meaningful test phrase as in Table
2 was printed on each card. In this game, one
participant picked one card from each set to form a
sentence and displayed only two to their friend, and
the other participant guessed at the hidden card. The
procedure is exemplified in Table 3: in each response
(B), one test word was in focus (underlined), and the
narrow focus was placed on the medial syllable in a
phrase (bolded), which is the new information in this
discourse situation.
Factors of tonal combination, positions in an
utterance (initial, middle, and final), and focus
conditions (focus and non-focus) were therefore

𝑓" estimates in 10 millisecond intervals of voiced
regions were obtained using the get_f0 program from
the ESPS package [6]. The corresponding time values
were linearly scaled to the range of -1 to 1.Prior to the
modelling, all 𝑓" values of a speaker were normalised
to his/her mean 𝑓" and centred around zero.
Figure 1:

Contribution of the five Legendre polynomials in
characterising the pitch contour of the token [kʰan] su˧ ʥy]]

𝑐. = −0.076; m-shape

𝑐4 = −0.007; wave shape

𝑐5 = 0.135 ; parabola shape

𝑐9 = −0.034; best-fitting slope

𝑐" = 0.029; the average 𝑓" of
the token after normalisation
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large rise in the centre of the phrase (c2 < 0), rising
overall slope (c1 > 0), and significantly higher average
𝑓" (c0 > 0.1). In the following sections, we examine
firstly how tones interact in general and then the
effects of utterance position and focus.

The interpretation of the coefficients is illustrated
through the contribution of corresponding Legendre
polynomial terms (dashed lines) to the 𝑓" shape in
Figure 1. Each plot shows the original 𝑓" measures in
black dots and the fitted quartic polynomial in a black
line as a reference. Higher-ranking polynomials
successively pick out varying properties on a smaller
scale [7].

Figure 2: Tonal sequence of phrases distinguished
significantly by the coefficients of c2, c1, c0.

2.3. Statistical analysis

The five coefficients of a polynomial model
transform qualitative descriptions of a shape of pitch
contour into interpretable quantitative estimates.
Statistical models of 𝑓" contour shape predicted by
contextual factors were built to investigate the way
speakers manipulate 𝑓" to convey lexical meanings
and discourse salience.
Linear Mixed Effects (LME) models were
adopted because they are suitable for a repeatedmeasures design from multiple subjects and can deal
with uneven sample sizes or unbalanced design. The
data contained an uneven number of tokens of each
type of utterance due to the uncertainties in the card
game. In each LME model, the independent fixedeffect predictors were (1) TONE SEQUENCE (4
levels: 414, 424, 434, and 444), (2) POSITION (3
levels: Initial, Medial, and Final), (3) FOCUS (2
levels: Focus and Non-focus), with SUBJECT being
a crossed random factor. The dependent variables
were the Legendre coefficients (i.e. 𝑐. , 𝑐4 , 𝑐5 , 𝑐9 , or
𝑐" ). Interactions between all possible pairs of
predictors were also included in the model. The final
models were, derived from top-down modelling, the
most complex models properly supported by the
amount of data. For significant variance components,
predictions in Least-squares Means from LME
models and post hoc Tukey-adjusted pairwise
comparisons were obtained to summarise the effects
of factors and their contrasts, using the R [20]
package ‘emmeans’ [13].

c2 Parabola

c1 best-fit slope

c0 Average 𝑓"

Error bars indicate 95% confidence interval of the Least Square Mean.
Means sharing a same letter are not significantly different.

3.1. Downstep and upstep

Downstep, the lowering of a high tone following a
sequence of a high tone and a non-high tone, has been
observed in many languages such as Kikuyu [5],
English [16], Japanese [17], Mandarin [22], and
Yoruba [11], among others.
That the c1 predictions in the model are all
negative for non-444 sequences suggests similar
downstep phenomena in Plastic Mandarin. All tones
other than the higher tone 4, no matter rising or
falling, triggered the downstep effect, especially tone
3 (\) with the lowest pitch level which has the smallest
c1, suggesting the greatest downstep effect. This is
exemplified in Figure 3, presenting the polynomial
models for different sequences produced at sentenceinitial position in focus by one speaker. The second
peaks of non-444 sequences are lower than the first
peaks, most saliently for the 434 sequence, in which
the second peak is about 90 Hz lower than the first.
Figure 3: Utterance-initial focused phrases by a speaker

3. RESULTS
According to the LME models, the tone of the varied
middle syllable in each phrase is one of the significant
contributors to shape differences in the aspects of
Parabola (F(3, 3.091)=20.02, p<.05), Overall Slope
(F(3, 3.14)=13.34, p<.05), and Average 𝑓" (F(3,
3.05)=14.72, p<.05) of the 𝑓" contour, apart from its
significant interactions with position and focus.
Figure 2 shows the predicted c2, c1, and c0 values
(c3, c4 are not significant) for the four types of
sequences and their pairwise comparison results.
Phrases with three consecutive Tone 4s are very
distinguished from the other types of phrases, with a

In this figure, the 𝑓" contour of the 444 sequence
indicates an upstep effect, where the middle high tone
has a higher tone target than two other high tones.
3.1. Interaction of downstep and position

The factor POSITION significantly predicts the
variability of 𝑐" (p<.001). Figure 4 illustrates that the

698

average 𝑓" of phrases at utterance-initial position is
significantly higher than at other positions, with
sequence and focus effects being averaged. It shows
a significant 𝑓" drop after the initial phrase, and
overall 𝑓" decreases over the utterance.

of the downstep effect over an utterance was also
observed in English, and modelled as a decaying
exponential function by [14].

Figure 4: Predictions and pairwise comparisons of
𝑐" in three utterance positions

The effect of focus is most salient for 444 sequences,
manifested by significantly different c2, c1, c0 values
predicted by the LME models. Focus on the middle
syllable strengthens the upstep effect, resulting in
significantly higher overall 𝑓" , and a larger and
delayed rise in the centre of the phrase, demonstrated
in Figure 5. The 𝑓" contour of the focused middle
syllable mu resembles the prototypical citation form].

3.2. Interaction of upstep and focus

Figure 5: Focus effect for all utterance-initial
tokens of ‘yi] mu] jiang]’ by 5 speakers

Error bars indicate 95% confidence interval of the Least Square Mean.
Means sharing a same letter are not significantly different.

Figure 5 examines the downstep effect in non-444
sentence-initial sequences by measuring the peaks or
local maximum 𝑓" values of tone 4, which are
approximated by the crest or endpoint of rising or
falling in fitted curves. A regression line was fitted to
all data points.
Non-Focus

Figure 5: Peak 𝑓" values in sentence-initial phrases
by 5 speakers and mean residual values from the
regression in phrases by sequence.

Focus

4. DISCUSSION
This paper concentrated on the downstep and
upstep phenomena in Plastic Mandarin by creating
various tri-tonal contexts within a phrase.
Tone contours are sensitive to local tonal contexts,
one of the major sources of the influence on tonal
variation [9,10]. There are differences in the direction
and magnitude of coarticulatory effects in the
interaction of tones (e.g. [18], [21]), parallel to crosslinguistic differences in segmental coarticulation. Our
analysis of tone interactions suggests that the varied
middle tone can have both rightward and leftward
(anticipatory) effects on the 𝑓" of the adjacent tones
in Plastic Mandarin. The non-high middle tone
triggers downstep so that the peak of the following
high tone is lower than the preceding one, and its
pitch value influences the degree of downstep. Lower
middle tones often relate to a higher maximum 𝑓" of
the preceding high tone. Our data also indicate
downdrift over an utterance. Further research can
concentrate on its interaction with downstep.
Utterance position and focus are neither simply
translated to 𝑓" declining or rising, nor uniformly
applied to any sequences. They interact with different
tonal sequences. However diversely realised in form,
the function of focus tends to be similar—boosting
contrasts or distinctiveness of tones. This is consistent
with the finding of [4] on Standard Mandarin that 𝑓"
contours are more informative under focus. Further
research may involve a comparison between Standard
Mandarin and Plastic Mandarin intonation.

Plotted against the dashed reference line 𝑦 = 𝑥 . The black line is a
regression line fitted to all data points with shaded area being the 95%
confidence interval. The vertical lines in the bar graph indicate the
standard error of each mean. (No complete data for the other 2 speakers).

Utterances at sentence-medial and sentence-final
positions were also examined and compared. The
regression function is y = 35.97 + 0.78x, R2 = 0.78 and
y = −0.38 + 0.92x, R2 = 0.89 respectively.
All regression line slopes are less than 1, and the
majority of the data points are below the reference
line y = x, indicating a generally lower second peak.
The regression line slope for sentence-final phrases
(0.92) is larger than its sentence-initial counterpart
(0.76) in this dataset, suggesting a reduced peak
difference in utterance final positions. Such decrease
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It implies that tonal targets are invariant, remaining
distinct for different tonal events, such as different
pitch accents, and showing little cross-category
overlap. Segmental anchoring has proved a useful
heuristic for intonational analysis [13, 14]), but has its
limitations: because it relies on invariance to
determine phonological structure, it is at odds with
the extent of variability documented in intonation in
natural speech, e.g. [1]. Thus the idea of segmental
anchoring requires radical rethinking.
Here, Functional Principal Components Analysis
(henceforth FPCA) is used as the basis for a different
approach to the study of intonation [10]. FPCA is an
analysis of curves; it returns the dominant modes of
variation in functional form, called Functional
Principal Components (PCs). Every input curve
receives a coefficient for identified PCs, representing
the contribution of each PC to that curve’s realised
shape. Thus, the PCs can be seen as components that
together determine the shape of each curve. The
coefficients of the PCs, henceforth scores, can be
statistically analysed together with other dimensions
of the signal (such as duration) to quantify their joint
contribution to the realization of tonal categories.
FPCA allows us to consider both specific features of
F0 curves, and to uncover commonalities between
curves that may differ superficially. By choosing the
window of analysis, it is also possible to consider
distal effects, instead of focusing on F0 differences
local to specific syllables.
Here, FPCA involved three pitch accents, H*,
L+H*, and H*+L, all found in utterance-final position
in Greek declaratives [2]. According to [2], these
accents are used in different pragmatic situations. H*
indicates that the accented item is new in discourse.
L+H* indicates that the accented item is the one from
a small set of alternatives that should be placed in the
common ground; L+H* is often used for contrastive
focus [5]. H*+L indicates that the accented item is
new in discourse, but suggests that for the speaker it
should have already been in the common ground (it
is a way to implicate that one is stating the obvious).
The three accents are realized similarly, as they are
all found in utterance-final position in declaratives
followed by L-L% edge tones. Both H*+L and H* are
falls; L+H* is a rise-fall. Further, Greek restricts the
location of stress to the last three syllables of a word.
This leads to tonal crowding, since the accent and

ABSTRACT
Functional Principal Component Analysis (FPCA)
was used to model within-category variability and
cross-category overlap of F0 features associated with
three Greek pitch accents (H*, L+H*, H*+L), and
thus disentangle categorical differences from gradient
variability. FPCA is an analysis of curves, returning
the dominant modes of curve variation as functions,
called Functional Principal Components (PCs); each
input curve receives a coefficient for identified PCs,
representing the contribution of each PC to that
curve’s shape. The three accents, which have distinct
pragmatic meanings, were utterance-final in
declaratives and elicited from thirteen Greek
speakers. PC1 and PC2 captured 87.7% of the data
variance. Statistical modelling of the coefficients
revealed presence of multiple cues, including overall
shape, curve height, and position of curve peak.
Though PCs showed cross-category overlap, together
they distinguished the three accents, providing
evidence that tonal events are realized by combining
multiple cues, and in a variable manner.
Keywords: intonation, variability, Greek, Functional
Principal Components Analysis
1. INTRODUCTION
A major issue in intonation research is modelling the
variability of F0 contours while capturing significant
generalizations that guide phonological abstraction,
[3]. Some intonation models ignore variability
altogether by dealing with idealized contours, e.g.
[11, 21]; others, e.g. [9, 22], focus instead on
capturing variability. However, this often happens at
the expense of generalization; see [1, 3].
The autosegmental-metrical model of intonational
phonology (henceforth AM, [17]) captures
phonological generalizations but has difficulty
dealing with variability, as phonetic invariance is
used as a primary diagnostic criterion. In AM, pitch
contours are said to consist of a string of tonal targets,
that are treated as the reflexes of phonological tones
if they show invariant scaling and alignment relative
to some structural position (e.g. the onset of the
accented syllable). This criterion is based on the
findings of [4] and is known as segmental anchoring.
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following edge tones (H* L-L%, L+H* L-L%, H*+L
L-L%) must be realized on at most three syllables,
and may have to be realized on one syllable only.
Given that tonal crowding alters tonal realization [3,
6, 15], and the three accents are similar, they provide
an ideal ground for testing and modelling effects of
tonal crowding and variability.

(9.8%), and given how FPCA functions, the omission
is unlikely to have affected the FPCA outcome.
(2) a. Short utterance:
[ˈti naˈfto]
What’s this?
[[laðoˈlemono]ip]IP
|
| |
H*
L- L%
Oil-and-lemon-sauce.

2. METHODS
2.1. Speakers

b. Long utterance:
[eˈsis ˈti θa ˈparete]
What will you have?
[[sinaˈɣriða laðoˈlemo]ip]IP
|
|
| |
L*+H
H* L-L%
Sea-bream in oil-lemon-sauce.

The data were elicited from 13 native speakers of
standard Greek (10 F, 3 M), aged from early 20s to
early 40s (mean = 34, S.D. = 8).
2.2. Materials

The present analysis is based on the three test words
shown in (1). As can be seen in (1a), (1b), and (1c),
their stress is on the antepenult, the penult and the
ultima respectively.
(1) a. [laðoˈlemono]#
b. [lemoˈnaða]#
c. [ɣalaˈna]#

2.4. Annotation and analysis

The data were annotated in Praat [7]. The window of
analysis was the three-syllable interval ending with
the stressed syllable of the test-word, shown in bold
in (1). The onset of the accented syllable was also
annotated and used for landmark registration (see
below). The F0 of the three-syllable intervals was
extracted using STRAIGHT [16], normalized by
speaker, and submitted to FPCA following [10] and
using the following smoothing parameters: k=8 and
lambda=106. These values were selected from a
number of possible combinations, after comparison
between smoothed and original curves. Smoothing
aimed at minimizing measurement errors produced
by STRAIGHT. Analysis was based on F0 curves in
Hz, since this is the most frequent measurement of F0
used in annotation. Time was scaled to range from 0
to mean duration. Landmark registration was
conducted to align the onsets of the accented syllables
across all curves, as shown in Fig. 1.

oil-and-lemon-sauce
lemonade
light blue

The test words were always final in utterances that
were either one or two content words long. These
utterances were answers to questions, with the QA
pairs presented as mini-dialogues to the participants.
Representative dialogues, one with a short (one word)
and one with a long (two words) test utterance, are
given in (2) together with the expected tune and its
association with the segmental string. In this instance,
the expected accent was H* as the test utterances
show new information. In longer utterances like (2b),
the first content word, in (2b) [sinaˈɣriða] “seabream”, carries a prenuclear L*+H accent [2].
2.3. Recording procedure

3. RESULTS

The participants were recorded in quiet locations in
Athens, Greece, using a DAT recorder at a sampling
rate of 44.1 kHz. Each dialogue was typed on a card
in Greek orthography. The participants read them
aloud as part of a larger dataset with different types
of utterances which acted as distractors.
Each participant read the dialogues four times,
with the cards being shuffled between repetitions. In
total, 936 tokens were elicited [13 speakers  3
accents  3 test words  2 utterance lengths  4
repetitions], of which 844 were used for analysis. The
other 92 tokens were discarded because speakers
either did not use the intended tune, or had extensive
stretches of creaky voice, which led to unreliable F0
tracking rendering the data unsuitable for FPCA. The
discarded data are a small fraction of the corpus

Fig. 2 illustrates the mean F0 over the three-syllable
window for each accent pooled over stress positions,
utterance lengths, and speakers. These data illustrate
the basic shape of each accent, but also show the
difficulties with locating tonal targets, particularly for
H* which is realized as a gently falling plateau.
The first two components of FPCA, PC1 and PC2
captured 87.7% of the data variance (64.8% for PC1,
and 22.9% for PC2). Fig. 3 illustrates the analysis: the
black line is the average curve for the entire corpus
(and thus the same for PC1 and PC2). Curves with +
signs show the effect of +1 standard deviation of the
coefficients to the shape of the curve; curves with –
signs show the effect of -1 standard deviation. F0
curves in the corpus are a composite of the PC1 and
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Figure 4: Distribution of accents on the PC1  PC2
plane. Lines separate positive from negative scores.

PC2 contribution. As shown in Fig. 3, PC1 reflects
primarily (but not exclusively) differences in scaling:
higher PC1 scores result in curves with higher
scaling, but also in an earlier fall; lower PC scores
result in lower scaling and a later fall. PC2 reflects a
combination of contour shape and peak alignment:
higher scores result in a “scooped” curve with a high
late peak, while low scores result in a low scaled
plateau and early fall.
Figure 1: Time-scaled F0 curves before landmark
registration (left) and after (right).

The PC scores were modelled using linear mixed
effects models in R [8, 20], with accent type (H*,
L+H*, H*+L), stress position (antepenultimate,
penultimate, final), and utterance length (short, long)
as fixed factors, and speaker as random slopes (for
PC1) or random intercepts (for PC2, due to model
convergence issues); H*, antepenultimate, and long
were the levels of comparison.

Figure 2: Normalized F0 per accent type across stress
positions, utterance lengths, and speakers.

Table 1: Results of model for PC1; p < .05 = *;
p < .01 = **; p < .0001 = ***; p < .0001 = ****
(Intercept)
H*+L
L+H*
stress_penult
stress_final
U_lengthshort
H*+L:stresspenult
L+H*:stresspenult
H*+L:stressfinal
L+H*:stressfinal
H*+L:U_lengthshort
L+H*:U_lengthshort

Figure 3: PC1 and PC2 curves modelling the data
[solid black line = mean curve; + = higher PC scores;
- = lower PC scores]; see text for details.

Estimate Std. Error t value Pr(>|t|)
-10.14
1.94
-5.23 ****
21.81
2.99
7.29 ****
14.60
3.42
4.27 ***
3.95
1.85
2.14 *
-2.26
1.64
-1.38
-3.02
1.30
-2.32 *
-4.37
2.21
-1.97 *
-3.51
2.18
-1.61
-2.00
2.20
-0.91
3.37
2.17
1.55
6.91
1.80
3.84 ***
-8.78
1.77
-4.97 ****

The statistical analysis indicates that PC1 and PC2
are affected by stress and utterance length, with
both factors interacting with accent (see Tables 1
and 2). Stress affects mostly PC2, which is
significantly lower when the accent is on the
ultima. The shape of the PC curves suggests that
stress effects differ by accent: for H* and H*+L
final stress results in an earlier fall, while for
L+H* it results in undershoot of the accent’s
“scooped” shape (see Fig. 5, PC2). Utterance
length affects both PC1 and PC2. For PC1, short
utterances lead to lower scores (i.e. lower scaling
overall) for H* and L+H*; for PC2 the effect is
found only for L+H*, with PC2 being significantly
higher in short utterances (see Fig. 6). As a result
of these interactions, while the PCs are statistically
distinct by accent, they still show overlap across
accents, as indicated by the density plots in Fig. 7.

These trends apply to the pooled curves, but what is
of interest here is how the PCs contribute to the F0
curves associated with each accent; this is illustrated
in Fig. 4. For H*, both PC1 and PC2 have mostly
negative scores, indicating that the location of the
peak (i.e. the fall onset) is variable (since negative
PC1 corresponds to a late fall, and negative PC2 to an
early fall); overall, however, H* is scaled low. H*+L
has consistently positive PC1, indicating consistently
high scaling, while its PC2 is more variable
suggesting variability in the location of the pitch fall.
Finally, L+H* has variable PC1 scores, but
predominantly positive PC2 scores, indicating that
for L+H*, the most important feature is the scooped
shape captured by positive values of PC2.
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Table 2: Results of model for PC2; p < .05 = *;
p < .01 = **; p < .0001 = ***; p < .0001 = ****
(Intercept)
H*+L
L+H*
stress_penult
stress_final
U_lengthshort
H*+L:stresspenult
L+H*:stresspenult
H*+L:stressfinal
L+H*:stressfinal
H*+L:U_lengthshort
L+H*:U_lengthshort

representation [12]. The overlap uncovered here
indicates that such granularity in representation is
unrealistic.

Estimate Std. Error t value Pr(>|t|)
-3.54
0.97
53.55 ***
7.06
1.03
820.1 ****
13.6
1.03 820.59 ****
-3.63
0.9 820.54 ****
-3.95
0.89 820.38 ****
-0.23
0.73 819.85
-1.82
1.26 820.67
-1.19
1.24 820.38
-8.45
1.26
820.3 ****
-8.61
1.24 820.73 ****
0.54
1.03 819.76
6.11
1.01 820.84 ****

Figure 7: Density plots of PC1 scores (left) and PC2
scores (right), separately for each accent.

Figure 5: Box plots of PC1 (left) and PC2 (right) as a
function of accent and stress position.

Additionally, FPCA captured co-dependencies
between scaling and alignment: PC scores led to
either an earlier and higher peak (PC1), or an earlier
and lower peak (PC2). Further, the positive PC2
values for L+H* indicate that shape may be more
important than alignment for the realization of some
tonal categories. Overall, these results question AM
assumptions about the realization of tonal targets:
scaling and alignment are not independent of each
other, while invariant alignment is an idealization,
and may not be the most important component of a
tonal category’s realization. Additional results, not
shown here, further indicate that dimensions like
duration are used in a trade-off relationship with F0
features to encode tonal categories like the accents
investigated here.
Finally, the data reveal not only well-known
effects of tonal crowding [3, 6] but also distal effects
of context, here due to the presence of a preceding
accent. The results show significant scaling changes
throughout the three-syllable window of analysis,
with the effects differing by accent: H* and L+H*
have higher PC1 when a L*+H accent precedes (Fig.
6): H* creates a plateau with it [2], while for L+H*,
the preceding L*+H leads to undershoot of its L tone
(as also indicated by its lower PC2; see Fig. 6). For
H*+L, on the other hand, the preceding L*+H does
not create a plateau with the H*+L but, rather, leads
to a lowering of the H*+L accent’s scaling (see Fig.
6, PC1).
Overall, the results suggest that the established
research focus on localized F0 targets and invariance
as criteria for the phonological status of tonal events
risks positing categories that are too fine-grained and
capture phonetic variability rather than essential
contrasts. Instead the results argue in favour of
treating tonal events similarly to segments, i.e. as
being expressed by a number of phonetic parameters
that show variability and are in trading relationships
with each other.

Figure 6: Box plots of PC1 (left) and PC2 (right) as a
function of accent and utterance length.

4. DISCUSSION
With respect to AM, the findings indicate that
participants produced distinct accents in response to
distinct pragmatic contexts, consistent with the
descriptions and representations in [2].
In addition, FPCA offered new insights into the
realization of the accents. First, FPCA showed that
neither scaling nor alignment is invariant. As
illustrated in Fig. 7, the PC scores show considerable
overlap between accents, even though the differences
between them are statistically significant. This should
not be surprising, either based on statistics or on what
we know about the realization of phonetic categories,
such as VOT, and the extent to which they overlap,
even when contrastive [18, 19]. However, because
invariance has been an important criterion for
determining intonation structure and the primitives of
each system, this kind of overlap is seen as
problematic and even in need of fine-grained
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ABSTRACT
The acoustic realization of focus can be influenced by
the position of a focalized word in a larger constituent
and by constraints on prosodic organization of an
utterance. Here, we report four production studies that
explore the potential effects of local prosodic
organization on the realization of focus in Hong Kong
Cantonese (HKC) and Taiwan Mandarin (TwM). The
materials consisted of sentences in which a syntactic
subject noun phrase (consisted of monosyllabic
numeral, classifier, and noun) expressing either
corrective or wh focus. The span of the focus
constituent within such an NP was controlled using
short conversations indicating either (i) the numeral
only focus, (ii) the noun only focus, or (iii) the whole
noun phrase focus.
Our results showed that the acoustic realization of
focus in HKC and TwM extends beyond general
acoustic highlighting of focus constituents, i.e., the
acoustic realization of focus in HKC and TwM are
influenced by constraints of prosodic organization.
Keywords: focus, prosodic organization, Hong Kong
Cantonese, Taiwan Mandarin, morphosyntactic unit
1. INTRODUCTION
Cross-linguistically, the prosodic realization of focus
can depend on a variety of factors, including local
constraints on prosodic organization or the position of
a word within a larger focus constituent. Focus
concerns the way that the part of a sentence which
introduces alternatives is related to the discourse
context in distinct ways [17]. Prior studies on focus
prosody in Chinese have emphasized the relative
prominence of a simple noun’s phonetic acoustics in
a sentence (e.g., [3], [5], [15], [23]). While focus
constituents larger than words are well-attested in
many languages, little work has been done on the
focus prosodic realization of larger linguistic units in
Chinese languages, especially more complex phrasal
domains in varieties of Chinese (cf. [4]).
In this study, we not only extend the search space
from purely prominence-based marking to other
phonological features such as phrase boundaries; we
also consider how such focus marking may be
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simultaneously conditioned by syntax (cf. [14], [20],
[22]). We conceptualize focus in terms of focused
constituents, which may consist of one or more
lexical words in a more complex syntactically and
semantically related morpho-syntactic structure (i.e.,
a noun phrase of numeral-classifier-noun sequence,
henceforth NP). Previously, with this type of
structure, Beijing Mandarin’s focus prosody has been
reported to show on-focus rise of intensity and F0,
and lengthening, together with clear post-focus
compression of F0 and intensity in both Tone 1 and
Tone 4, contrasting with the same NPs indicating old
information (see [12] for HKC). Particularly, it was
reported that the non-focused classifier may pattern
with the monosyllabic numeral-focus inside of such
NPs in Mandarin varieties ([10]-[11], [13]).
Therefore, we adopt this morphosyntactic
structure to study two varieties of Chinese: Hong
Kong Cantonese (HKC) and Taiwan Mandarin
(TwM) in two types of focus: wh-narrow focus
(elicited by a wh-question), and corrective-focus
(elicited by a statement containing corrective
information), and to seek to explore how focus
marking is situated in the overall organization of the
prosodic system in HKC and TwM through four
production experiments. We examined whether the
focus acoustic realization involved simple
highlighting of words, or whether there was evidence
for systematic marking of the edges of the focus
constituent, or possible influences of syntactic effects
that would lead to asymmetries in how words were
prosodically realized inside and outside of a focus.
2. METHODS
2.1. Stimuli

The target items were three-syllable nominals (NP).
All syllables bore high-level tone in HKC and TwM.
Table 1: Examples of target NPs.
HKC
TwM

Targets /IPA/
一/jɐt/ 間/kan/ 屋/ŋʊk /
三/san/ 枝/tʂɻ̩/ 花/hua/

Gloss
“one house”
“three flowers”

8 versions of such target NPs for HKC and for TwM
were directly adopted from the items in [10] and [12],

respectively. To avoid potential utterance-initial
boundary effects, target NPs were preceded by
adverbial phrases (two-syllable adverbials in HKC,
and three-syllable adverbials in TwM). Target NPs
were then followed by a two-syllable verb phrase and
a one-syllable sentence final particle. None of the
target sentences had other potentially focus sensitive
words (e.g., adverbs equivalent to no and only).
The span of the focus constituent in the target NP
was controlled using short contexts consisting of a
wh-question (experiments 1a and 2a) or a corrective
statement (experiments 1b and 2b). The wh-element
of questions targeted either (i) the entire NP (ANP),
(ii) the numeral only (ANUM), or (iii) the noun only
(ANOUN). The corrective statement targeted either
(i) the entire NP (CNP), (ii) the numeral only
(CNUM), or (iii) the noun only (CNOUN). We added
one extra condition in experiment 2b as a baseline, in
which the target NP was part of the background of a
sentence, expressing old information (ODNP), that
does not have the same level of acoustic strength
focus NPs have ([10], [11]). These contexts were prerecorded by a female native speaker of HKC and of
TwM, respectively, and presented auditorily.
Example paradigms are given in Table 2. In total
there were 104 target items (8 versions × 6 focus
conditions × 2 languages + 8 versions of ODNP in
experiment 2b).
Table 2: Example contexts and target sentences.
Focus constituents indicated by underlining.
Focus
ANP
ANUM
ANOUN

Context
A: On the balcony,
what withered away?
A: On the balcony,
how many flowers withered
away?
A: On the balcony,
what of three units withered
away?

Target sentence
B: On the balcony, three
flowers withered away
B: On the balcony, three
flowers withered away.
B: On the balcony, three
flowers withered away.

Focus
CNP

Context
Target sentence
A: Yesterday,
B: Yesterday, one house
collapsed.
three bridges collapsed.
CNUM
A: Yesterday,
B: Yesterday, one house
collapsed.
two houses collapsed.
CNOUN A: Yesterday,
B: Yesterday, one house
collapsed.
one bridge collapsed.
ODNP
A: Yesterday,
B: Yesterday, one house
what happened to one house? collapsed.

2.2. Participants

17 female native Cantonese speakers from Hong
Kong (mean age ± SD: 22.94 ± 1.25 years) and 12
female native Mandarin speakers born and raised in
Taiwan (mean age ± SD: 20.5 ± 1.16 years), who
were university students, joined our study. None
reported any history of hearing problems. Each
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participant was paid HK$60 after the experiment.
2.3. Procedure

The experiments were conducted in Hong Kong in a
sound-attenuated speech lab with a calibrated
Telefunken M-80 dynamic microphone and a
Focusrite Scarlett 2i2 sound interface. Participants
first signed an informed consent form and filled out a
language background form. They were seated in front
of a computer screen and wore headphones. Stimuli
were presented one at a time (self-paced) on the
screen. The order was pseudo-randomized, such that
no target item occurred immediately adjacent to itself.
Participants were asked to first listen to the context
question, and then read the target sentence aloud as
casually and naturally as possible; no instructions
were given regarding focus or emphasis. Participants
produced each sentence twice; additional repetitions
were allowed in cases of mispronunciation or
hesitation. Productions were recorded in .wav format
at a sampling rate of 44.1 kHz with 16-bit
quantization. There were three practice trials before
the main trials. Each session lasted about 30 minutes.
2.4. Measurements

The target items were segmented by Praat [2].
Syllable boundaries were determined by using both
visual and auditory information. The vocal pulses
were manually checked and corrected when there
were pitch halving or doubling and creaky voice. The
acoustic measurements were generated by
ProsodyPro 5.7.6 [24] for duration, mean intensity
and fundamental frequency (F0). F0 was timenormalized across tokens by dividing each syllable to
10 equal intervals and calculating the trimmed F0
values. For display purpose, the F0 values in Hz were
z-score transformed for each speaker before plotting.
Linear Mixed-Effects models were conducted on
the duration and mean intensity using the lme4
package [1]. The initial model included random
intercepts of item and speaker and by-speaker random
slope for ‘focus’. By-item random slope was not
incorporated because in the cross-subject design and
item was nested in the focus condition [16]. After the
random structures were maximized, ‘focus’ was
added as a fixed effect. The significance of the main
effect was evaluated by likelihood ratio test. The posthoc Tukey test were done by the emmeans [21] in R.
3. RESULTS
3.1. Experiment 1a: wh-focus in HKC

Focus had significant main effect on the duration of
all syllables in the target NPs (Numeral: χ2 = 8.652,
df = 2, p = 0.013; Classifier: χ2 = 14.331, df = 2, p <

0.001; Noun: χ2 = 8.864, df = 2, p = 0.012). The
post-hoc tests showed that the whole NP focus had
longer duration than the noun focus in the numeral
syllable (p = 0.014) but shorter in the classifier
syllable (p < .001). Both the classifier (p = .008) and
the noun (p = .010) showed lengthening effects in
the noun focus condition while comparing with the
numeral focus condition. Noun in noun focus was
longer than the noun under NP focus (p = 0.054).
Intensity did not seem to be affected by focus types.

.003) and was longer in the corrective NP condition
(CNP, p = .005) than when it was under the CNOUN
condition. The duration of classifier patterned with
the noun under CNP condition, which was longer than
when the classifier was in the CNOUN (p = .009).
Similar to wh-focus study, the analyses of F0 did
not reach statistical significance, and yet, plots in Fig.
4 suggest that corrective-noun focus triggered higher
F0 across all three syllables, and showed much higher
F0 level in the noun syllable while comparing with
focus conditions of CNP and CNUM.

Figure 1: Boxplots of duration and intensity by
syllable and wh-focus in HKC noun phrases. The
dots and the numbers indicate the means.

Figure 4: Time-normalized F0 (z-score
transformed) by corrective-focus of HKC NPs.

Though the analyses of F0 did not reach statistical
significance, Fig. 2 suggested that while the basic
tonal contours were maintained across focus
conditions, the numeral or noun in the focus
constituent, either because it was the sole focus or
within the focused NP, had a higher overall F0. By
contrast, F0 on the classifier appeared higher for both
conditions of NP-focus and Noun-focus. In other
words, F0 of the classifier appeared to pattern with
the F0 level of focused noun.
Figure 2: Time-normalized F0
transformed) by wh-focus of HKC NPs.

(z-score

3.3. Experiment 2a: wh-focus in TwM

In this set, focus did not seem to affect the duration.
The post-hoc tests showed that the duration of noun
syllable under the noun focus condition exhibited
marginally lengthening effects while comparing with
numeral focus condition (p < 0.069).
Figure 5: Boxplots of duration and intensity by
syllable and wh-focus in TwM noun phrases. The
dots and the numbers indicate the means.

Focus showed significant main effects on the
intensity of the numeral syllable (χ2 = 9.5941, df = 2,
p = 0.008), and its post-hoc tests showed that ANUM
(p = 0.024) and NP focus (p < 0.001) exhibited higher
intensity than the numeral under ANOUN condition.
Similar to HKC, Fig. 6 suggested that numeral and
noun had a higher overall F0 in ANUM and ANOUN.

3.2. Experiment 1b: corrective-focus in HKC

Focus had significant main effect on the duration of
all the syllables in the noun phrase (Numeral: χ2 =
11.398, df = 2, p = 0.003; Classifier: χ2 = 8.819, df =
2, p = 0.012; Noun: χ2 = 12.498, df = 2, p = 0.002).

Figure 6: Time-normalized F0
transformed) by wh-focus of TwM NPs

Figure 3: Boxplots of duration and intensity by
syllable and corrective-focus in HKC noun phrases.
The dots and the numbers indicate the means.

The post-hoc tests showed that when the numeral was
corrected (CNUM), the duration of the numeral
syllable was longer than that in corrective noun
condition (CNOUN, p = .003). The duration of the
noun syllable was longer in CNOUN condition (p =
708

(z-score

Yet, different from HKC, F0 on the classifier
appeared higher for both numeral-focus and NPfocus, suggesting that F0 of classifier appeared to
pattern with the F0 level of numeral in ANUM focus.

3.4. Experiment 2b: corrective-focus in TwM

Focus significantly influenced the duration of the
numeral (χ2 = 11.707, df = 3, p = 0.008), and showed
marginal effects on the noun (χ2 = 7.143, df = 3, p =
0.067). Post-hoc tests only showed significant
lengthening effects of the numeral under corrective
numeral (CNUM, p < .001) and corrective NP (CNP,
p = .018), comparing with the numeral in ODNP.
Focus also affected the intensity of the classifier
(χ2 = 9.453, df = 3, p = 0.024) and the noun (χ2 =
16.195, df = 3, p = 0.001). Post-hoc tests showed that
intensity of the classifier was higher in CNUM (p =
.008) and corrective noun (CNOUN, p = .042) when
compared with ODNP. The intensity of the noun was
higher under the condition of CNOUN than under
conditions of CNUM (p = .046) and ODNP (p = .002).
Noteworthy is that intensity of noun under CNOUN
was much higher than that under CNP (p < .001).
Figure 7: Boxplots of duration and intensity by
syllable and corrective-focus in TwM noun phrases.
The dots and the numbers indicate the means.

Similar to wh-focus in TwM, Fig. 8 showed that
numeral and noun in the focus constituent had a
higher overall F0. By contrast, F0 on the classifier
appeared higher for NP-focus (CNP) and Numeralfocus (CNUM), i.e., F0 of the classifier appeared to
pattern with the F0 level of the numeral.
Figure 8: Time-normalized F0 (z-score
transformed) by corrective-focus of TwM NPs.

4. DISCUSSION AND CONCLUSIONS
Our study explored whether focus realization in
HKC and TwM extended beyond general acoustic
highlighting of focus constituents. The results show
support for this idea in some respects. First, we
found that both the numeral and noun were longer in
HKC when inside the focus constituent as compared
to outside of it. Concerning TwM, focus condition
marginally influenced the duration but showed
stronger effects on intensity on the numeral and the
noun. In TwM wh-focus, numeral showed higher
intensity in ANUM and ANP and higher intensity of
noun in ANOUN; in corrective focus, higher
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intensity of numeral was found in CNUM and CNP,
and higher intensity of the noun under CNOUN and
CNP conditions. This could be explained if focusrelated acoustic prominence concerns primarily the
edges of a constituent. Consider that in many
languages, edge marking is one of the primary
prosodic exponents of focus, and this can occur at
either or both the left or right edges (French: [7][8];
Japanese: [9][18]; Basque: [9]).
Second, durational effects of focus were stronger
for the noun than for the numeral, and in some cases
the noun region showed stronger effects under nounfocus than under NP-focus (e.g., HKC noun was
longer in ANOUN than in ANP; TwM noun showed
higher intensity in CNOUN than in CNP). This would
be surprising under a pure acoustic prominence
approach, since such cases involved the same type of
focus but showed different strength of effects due to
whether the noun was the focus alone or was a part of
a larger focused unit. Yet, syntactically, noun tends to
carry more information weight and lies at a stronger
syntactic juncture (see also [13]); this may be one of
the reasons why focusing the noun alone brought
more highlight, and it would in turn suggest that
prosodic organization interact with focus marking.
Third, the classifier did not pattern with respect to
focus in the same way between HKC and TwM. In
HKC, the duration of the classifier was lengthened in
wh-noun focus, and in corrective-NP, i.e., conditions
in which the noun was focus related. In TwM the
classifier showed higher intensity under the numeralfocus and the noun-focus conditions. Similarly, the
F0 patterns showed that classifier patterned with
noun-foci in HKC but patterned with numeral-foci in
TwM. TwM’s “classifier with numeral” patterns
would suggest that a level of prosodic constituency
may be influencing how precisely focus marking can
target the actual focus constituent, especially if we
consider the general assumption that Mandarin
prosodic word is minimally disyllabic. Although the
differences of classifier patterns between TwM and
HKC might be surprising, considering that classifiers
in Cantonese have been shown to be syntactically
more independent than Mandarin classifiers [6], this
would suggest that a different prosodic structural
organization interact with focus marking in HKC.
In sum, these results suggest that complex internal
organization at different structural levels may interact
with the prosody system of focus marking.
Considering the mechanism and functions through
the interaction of prosodic alignment, structural
organization, and focus marking, we expect future
studies of Chinese languages and varieties of tone
languages to reveal more details about the acoustic
representation of information structure.
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ABSTRACT

for the conflicting results of past research is that irony
prosody is individually determined, and therefore
each individual will make different prosodic
modifications to communicate irony.

This study suggests that the sought-after universal
prosodic pattern for irony is a fallacy, and instead
irony prosody is individually determined - explaining
past studies' conflicting results. In this naturalistic
speech study, time-normalized F0 values were fitted
to a generalized additive model (GAM) for each
speaker (n = 5), and the full group. The results
showed a significant difference in f0 over time
between ironic and non-ironic speech – adding
support to the prevailing opinion that prosody plays
an important role in cuing verbal irony – as well as
between speakers, providing a potential alternate path
for research into irony prosody.
Rather than attempting to isolate a universal
prosodic pattern for irony, future research can explore
individual modifications to prosody in different
domains and sociolinguistic contexts. The resulting
expansion of understanding has potential applications
in voice processing and artificial intelligence, first
and second language acquisition, and social disorder
research.
Keywords: prosody, irony, phonology, f0,
naturalistic

2. RESEARCH QUESTIONS AND
HYPOTHESES
This study is guided by the following research
questions:
RQ1: Are there statistically significant differences
between ironic and non-ironic prosody?
Hypothesis: There will be statistically significant
differences between ironic and non-ironic
prosody.
Prediction: These differences will not take a
consistent form between speakers, but will
nonetheless be distinguishable.
RQ2: If these differences exist, do they function on
the level of individual speaker, speech community, or
both?
Hypothesis: Different individual speakers will
realize irony prosody differently, though speech
community may have an effect.

1. INTRODUCTION

3. METHODOLOGY

Past research into irony prosody has largely taken one
of two approaches: either assuming a prosodic pattern
for ironic speech and studying its effects on irony
recognition and processing, or examining prosodic
data itself. While the former path has found prosody
to have an important role alongside discourse context
[4], research into actual prosodic content has been
sparse and has failed to produce a clear trend –
particularly in the domain of f0. A wide variety of
prosodic cues for irony have been identified, but the
directionality of their differences from non-ironic
speech has not been reliable. For example, some
studies have found both higher and lower mean f0 in
ironic speech than in non-ironic speech [1][3].
While some of the between-studies variation
can be attributed to differing experiment design and
data processing methods, the within-studies variation
suggests that the issue may lie deeper – in the
assumptions behind the research. This study suggests
that the sought-after universal prosodic pattern for
irony – the “ironic tone of voice”– is a fallacy.
Though this is not the first study to suggest this [5], it
presents a novel path forward, suggesting the reason

This study breaks from past research in three ways.
First, it examines naturalistic speech, whereas much
of the existing literature has used scripted irony.
Secondly, it analyses and compares individual
speakers’ ironic prosody, to examine if irony prosody
truly functions as an individual trait. Finally, rather
than using a universal measure like mean, standard
deviation, or range to study f0, this study utilizes a
generalized additive model (GAM) in order to capture
f0 behaviour relative to time.
3.1. The Corpus

The corpus was constructed using samples from the
Stoat Party Podcast – a Dungeons and Dragons
campaign. As the podcast is recorded casually and has
a small listenership, the recorded speech is
naturalistic and largely unaffected by the recording
setting. The one-hour recording of a single episode
yielded 781 utterances suitable for analysis between
the five speakers.
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3.1.1. Irony Labelling
To avoid subjectivity, irony in the corpus was labelled
using the example of Brown [2] – meaning that an
utterance was identified as ironic based on the
response that followed it. Conversational responses to
irony were based on the results of Gibbs [6]. Such that
utterances were labelled as ironic if followed by any
of the following: laughter, a literal response to the
ironic meaning of the utterance, an ironic response
(resulting in an irony chain that would need to be
identified backward), or an explanation by the
original speaker that irony was intended.

rather than relying on single measures like mean,
range, or standard deviation.
The files were time-normalized to 75 time points per
file, and ironic and non-ironic f0 lines were compared
for each speaker. Raw f0 values were normalized
within the GAM. An additional GAM was fitted with
ironic and non-ironic data from all speakers
combined, with speaker as a random variable. For this
model, only 15 samples per speaker were included.

3.2. Selecting Samples for Analysis

Significant effects were found for the presence or
absence of irony over time in all models except
individual speaker model for Speaker R. In the All
Speakers model, speaker was also a significant effect.

4. RESULTS

After irony was labelled, samples were sorted by
sentence type, and only statements were retained for
analysis. Then, of the ironic statements, the median
80% by length was retained per speaker, and an equal
number of non-ironic statements were randomly
selected within this same length range for
comparison. This yielded 15-23 ironic and non-ironic
utterances per speaker.

Table 1: GAM results for all models

3.3. Data Processing and Analysis

F0 information was extracted from the sound files
using the Robust Epoch and Pitch EstimatoR
(REAPER)[8]. F0 values were taken at the default
interval of 5 ms and saved to plaintext files. Ironic and
non-ironic f0 sample sets for each speaker were then
fitted to a generalized additive model (GAM) in R [7],
using the mgcv package [9]. GAMs were chosen in
order to examine the complete f0 line over time,

Model

P value

All
Speakers
Speaker B
Speaker G
Speaker P
Speaker R
Speaker Y

< 0.001 (irony)
< 0.001 (speaker)
< 0.001 (irony)
< 0.001 (irony)
< 0.001 (irony)
0.084 (irony)
< 0.001 (irony)

Deviance
Explained
53.60%
9.23%
14.80%
13.50%
16.70%
6.69%

The significant effect of irony on the f0 over time
supports the hypothesis that there would be a
statistically significant difference between ironic and
non-ironic prosody.

Figure 1: GAM results for all models. Solid line: all speakers; two dash: Speaker B; long dash: Speaker G; dot dash:
Speaker P; dotted: Speaker R; dashed: Speaker Y).
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Figure 3: GAM results for Speaker B (ironic). Dashed
lines are confidence intervals.

5. DISCUSSION
The significant effect of speaker on f0 over time for
the all speakers model supports the hypothesis that
each speaker alters prosodic material differently in
order to express irony. This offers an explanation for
the discrepancies in literature descriptions of irony
prosody. Past research, when it has focused on the
prosodic content of ironic speech, has largely focused
on differences between ironic speech and non-ironic
speech across speakers. These results indicate that the
difference lies not in some universal cue for irony, but
in the changes that individuals make to their speech
in order to communicate their meaning. This is
illustrated in Figure 1, wherein the f0 lines for all
models are overlaid for comparison.
Comparing these two images, non-ironic speech
for all speakers and for the group had a very similar
f0 line for the majority of the length of an utterance,
with the lines diverging dramatically only in the latter
fifth or so of the time sample points. The ironic lines
are never particularly close, or even parallel. Rather,
each individual follows their own pattern separate
from the group pattern and the patterns of all other
speakers.
The ironic f0 pattern for this group, (illustrated
in Figure 2) is characterized primarily by an overall
fall, without the late rise-fall one might expect in a
language like English which generally places phrase
stress toward the end of sentences.

Figure 4: GAM results for Speaker P (ironic). Dashed
lines are confidence intervals.

Figure 2: GAM results for the All Speakers model.
Dashed lines indicate confidence intervals.

Figure 5: GAM results for Speaker R (ironic). Dashed
lines are confidence intervals.

Different speakers utilize this pattern in different
ways and to different extents. Speakers B and P have
slight rising tails on their ironic f0 lines (Figures 3 and
4). Speakers R and G do not have an initial rise before
the fall (Figures 5 and 6), and Speaker G uses a wider
range than other speakers.
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Figure 6: GAM results for Speaker G (ironic). Dashed
lines are confidence intervals.

others for the shortest amount of time, and therefore
may not have had as much time as the others to absorb
this pattern of irony prosody.
If this is the case, it would indicate that irony
prosody is not merely individual, but influenced
enormously by the intended audience of the ironic
utterance. One would use a different version of one’s
irony prosody when speaking to one friend group or
another, to children or adults, in casual or formal
settings, and when addressing a wide and varied
audience, such as that of an actor on a television
show. This would explain why speakers of North
American English can summon to mind an ‘ironic
tone of voice,’ but may not always use it in their
everyday lives. The ‘ironic tone of voice’ is the
expected prosody for the widest possible audience.
6. CONCLUSION
The presence of both an in-group irony prosody and
individual variation indicates that attempting to
isolate some universal feature set for ironic prosody
may not be a worthwhile pursuit. Rather, it may be
more productive for future research to focus on the
question of whether or not it is possible to create a
predictive model that – given a large enough sample
set of an individual’s speech in various social
contexts and the social context of the utterance in
question – could reliably identify irony by prosody
for a given utterance. Such a model should include
information about stress, duration, and amplitude, as
well as f0. Directions for future study include the
examination of ironic and non-ironic speech in terms
of these domains as well, in order to move closer to a
complete picture of what an individual might modify
in order to express irony through prosody. Other
directions for future research include expanding this
method of analysis to more groups of people,
studying the speech of people in different social
contexts to see how their expression of irony changes,
and truly interrogating the content of the ironic
prosody seen on television, as this appears to be the
closest thing there is to a universal ironic prosody
pattern.
The results of this study open the door to a
new method of examining the prosody of ironic
speech and the potential revitalization of research in
this area. While past literature has indicated that the
search for a universal irony prosody is not a realistic
goal, this study suggests that there is a way forward
with the new goal of identifying a method of
predicting whether an individual is being ironic based
on the prosody of the utterance and past knowledge
of the individual. In a world where individuals’
speech is increasingly recorded, publicized, and
archived, there is a wealth of data readily available for
future research in pursuit of this goal.

Finally, Speaker Y rarely or never uses the group
pattern, such that the smooth curve for his model took
an entirely different shape (Figure 6).
Figure 7: GAM results for Speaker Y (ironic). Dashed
lines are confidence intervals.

What is the function of the group irony pattern, and
why does Speaker Y not conform? The pattern itself
is notable, as it is not in keeping with even the most
general of literature accounts of irony prosody.
Schaffer [8] described irony prosody in terms of
“extremes,” and yet this group as a whole seems to
favour a more muted f0 line, and indeed a seeming
suppression of expected phrasal stress patterns. One
potential explanation is that the group pattern is a
method of in-group signalling – that the muted shape
is a deliberate signal that the joke should be obvious
from the group’s familiarity with the speaker. If this
is the case, Speaker Y may not follow the group
pattern due to less exposure to the other speakers.
Though all five speakers have known each other for
years and are close friends, Speaker Y has known the
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ABSTRACT

articulation rate upwards will result in listeners
judging recordings as more informal, while
manipulating them downwards will cause subjects to
judge the recordings as more formal.

This study investigates the role of prosody
(specifically, mean f0, f0 range, and articulation rate)
to Japanese listeners’ perception of the level of
formality of speech. This was accomplished via an
experimental task using de-lexicalized speech
created using recordings from an existing corpus
where the level of formality of each recording had
previously been judged[19]. Subjects judged the
formality of recordings with both artificially
manipulated
prosody,
and
non-manipulated
counterparts. Results showed listener responses
changed significantly only when all three prosodic
variables were manipulated together, indicating a
‘super-additive’ phenomenon. This was taken as
evidence for a theory of category judgment tasks in
speech perception based on an ‘ideal listener model’.

2. EXPERIMENTAL DESIGN
In order to isolate the effects of prosody from the
numerous lexical and grammatical indicators of
formality in Japanese, the decision was made to use
de-lexicalized speech for the experimental stimuli.
De-lexicalized speech has previously been used in
studies examining numerous aspects of prosody, and
critically has been used successfully to investigate
research questions related to f0 [13] and articulation
rate [6]. Because of this is was judged to be an
appropriate tool for use in this study.
One previous study which was particularly
informative to the experimental design of this
project was Laan’s [12] study of the connection
between prosody and the judgment of the categories
of read versus spontaneous speech. [12] examined
the effects of prosody by comparing responses to
manipulated (both individually and in combination)
experimental
stimuli
to
non-manipulated
counterparts, and this study takes a similar approach.

Keywords: Prosody, formality, speech perception,
Japanese, de-lexicalized speech.
1. INTRODUCTION
Recent work on the connection between prosody and
the expression of formality (and/or politeness)
across a number of languages [2],[8],[19],[21] has
shown that there is a significant relationship between
the two that is markedly similar in several languages
(inc. Japanese, Korean, and Catalan Spanish).
However, although some work has been done on the
perceptual side of this relationship [2] the question
of how various aspects of prosody function together
in the expression of formality in speech remains
open, as does the question of how salient each
individual prosodic variable (e.g., f0 versus
articulation rate) is to the relationship.
This study addresses these questions as they
relate to Japanese via an experiment using delexicalized speech (see e.g. [6],[13],[16]) which
allows for the evaluation of the connection between
changes in the prosody of a recording and listeners’
perception of its level of formality. Based on
previous work showing a connection between
prosody and numerous aspects of speech perception
[1],[4],[5],[20], and additionally on the production
side of this relationship in Japanese [19] the
hypothesis to be tested is that manipulating the
prosodic variables of mean f0, f0 range, and

2.1. Experimental presentation

The experiment was presented on a computer
monitor using GNU Octave [7]. Subjects were
presented with a randomly ordered set of delexicalized auditory stimuli (see Section 2.2 for
specifics of their design and creation), which they
were asked to judge to be either formal or informal.
The experiment collected their responses on a
forced-choice Likert-type scale [18]. The scale itself
was presented on screen in the experiment as shown
in (1), and input was via the numeric keypad.
(1) 1
2
3
Informal Probably Informal Maybe Informal
4
5
6
Maybe Formal Probably Formal Formal
This scale indirectly asks the subjects to rate their
level
of
confidence
in
their
response
(maybe/probably/unqualified), which is done as an
attempt to infer the magnitude of the effect of the
manipulation of prosodic variables on subjects'
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perceptions rather than simply forcing a binary
choice between formal/informal.
Subjects were also consistently presented with
the following information: they were told
(accurately) that the speakers of the stimuli were
native speakers of Tokyo-area Japanese, and were
shown the age and gender of the speakers of the
stimuli. This was done in order to give the subjects a
baseline from which to judge changes in prosody,
and to set their expectations towards the talkers’
speech, as listener expectations have previously been
found to effect speech perception in various ways
[14].

Table 1: Statistics for the prosodic variables of interest in
the experimental stimuli. Range is measured as the
difference between min and max f0, and articulation rate is
in moras/second.

2.2. Experimental stimuli

The prosody of the base stimuli was manipulated to
allow for the comparison of subjects’ evaluations of
manipulated versus non-manipulated stimuli. Mean
f0 was manipulated by simply adding or subtracting
20% of the mean from each value, resulting in a
complete shift of the f0 contour. The f0 range of
recordings was manipulated by first z-transforming
the f0 values to center the mean on 0, and then
multiplying by either 0.8 to decrease the range, or
1.2 to increase. Finally, the articulation rate was
manipulated by re-encoding the recordings (which
were originally 16 kHz) at either 12 kHz to decrease
the rate, or 20 kHz to increase it, while increasing or
decreasing the f0 values of the recording
proportionally.
Each base stimuli was manipulated in several
ways; firstly, versions were made where each
individual prosodic variable was manipulated in the
direction hypothesized to cause listeners to judge
recordings as the opposite of what they originally
were (i.e. originally formal recordings were
manipulated upwards to make them seem more
informal). Finally, versions where all three prosodic
variables were manipulated together in both
directions were created, resulting in a total of 6
versions of each stimuli.

Informal
Variable

Mean

Formal
SD

Mean

SD

Mean f0

167.6 Hz

44.6 Hz 150.1 Hz

41.3 Hz

Rate

7.84 m/s

1.3 m/s 6.22 m/s

1.0 m/s

50.8 Hz

39.1 Hz

f0 Range 135.1 Hz

90.4 Hz

2.2.2. Prosodic manipulation

2.2.1. Generation of de-lexicalized recordings
The de-lexicalized speech stimuli were created
based on speech taken from an existing corpus of
spoken Japanese, where recordings had previously
been judged as formal or informal based on a fixed
set of criteria [19]. A semi-random selection of 100
recordings were used in this study. The stimuli pool
was made up of an even split of formal and informal
recordings, also evenly split by the gender of the
original speaker. The recordings were of full
sentences of spoken Japanese from between 2.5 –
7.0 seconds in length. Articulation rate, f0 (taken at
15ms intervals), and intensity data were measured
for each recording, and used to parameterize a Klatt
synthesizer [9],[10].
To create de-lexicalized speech F1, F2, and F3
were set to constant values of 500, 1500, and 2500
respectively in order to create the impression of the
entire recording being an extended /ə/, without
perceptible consonants (see [9]: 986). Intensity was
linearly scaled down to fall between 1 and 60 to
meet the expectations of the synthesizer, and breaks
in voicing (0 f0 values) were replaced with a linear
slope between the breaks in the voicing to improve
the naturalness of the synthesized speech. The
values for the prosodic variables of interest for the
base experimental stimuli are shown in Table 1.
The values in Table 1 largely correspond to
previous studies of the prosody of the
formal/informal categories in Japanese [19], so the
likelihood of the prosody of the stimuli confounding
the results is low.

3. DATA COLLECTION AND ANALYSIS
3.1. Overview of experimental subjects

In total, 16 linguistically naive native speakers of
Japanese – 5 male and 11 female – took part in this
experiment. here was no requirement that subjects
be from a specific region of Japan, as it was assumed
that subjects would have a high degree of familiarity
with the 'standard' Tokyo Japanese regardless, but
the subject pool was limited to people who were
born and raised in Japan until at least age 18.
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3.2. Experimental procedure

Figure 1: Relationship between the direction of
manipulation of each prosodic variable and the
change in subjects' responses.

Subjects were given a brief overview of the
experiment which instructed them to expect
recordings to be from speakers of Tokyo-area
Japanese, and to expect recordings with the actual
words obscured. The concept of formality was
defined for the subjects for the purposes of this
experiment as speech "which appeared to be among
friends or colleagues" for informal speech, and
"speech towards elders or superiors" for formal
speech. Subjects were introduced to the experiment
itself via a brief practice section (two stimuli were
presented). Subjects were given no specific
instruction on the use of the six-point scale (as in 1)
other than that their task was to judge each recording
as being formal or informal. Finally, subjects were
informed that the experiment would involve 300
stimulus objects (half of the total tokens, in an effort
to minimize subject fatigue), and that they were
allowed to take a break whenever they wished (the
experiment was self-paced, and automatically
paused after each selection). All instructions were
given to the subjects in English, for consistency.

3.4. Modelling analysis

As noted in Section 3.3, the responses (and changes
in response) were on an ordinal scale, and therefore
statistical analysis was conducted using cumulative
link mixed models, a type of model specifically
designed for use in analyzing ordinal data. All of the
manipulation conditions were tested using the
models in (3). In (3), ‘Direction’ refers to the
direction of manipulation of the prosodic variables,
while ‘subtype’ refers to which variables were
manipulated. The base formality was included as an
interaction term to check if it was confounding the
relationship between direction and change in
response. P-values were calculated using model
comparison of the full model to a ‘null’ model with
the fixed effect of interest removed. The results of
all models are shown in Table 2.

3.3. Data overview

With each subject judging half of the total pool of
600 stimuli, this resulted in a total of 4,800
responses. The overall mean of the responses falls at
3.38 on the 6-point scale, meaning that on average
there was very close to a 50/50 split in how stimuli
were judged (although it does skew very slightly
towards subjects judging stimuli as informal).
Analysis using cumulative link mixed models [3] in
R [17] (as in 2) showed no significant relationship
between the original formality of the base stimuli
and subject responses, meaning they were not able to
categorize them at a rate better than chance.

(3) All Data Model
Model Structure
Response Change ~ Direction * Base Formality +
(1+Direction|subject+stimulus+subtype)
Model Comparison Results
Direction: Χ2(2) = 9.46, Pr(>Χ2) < .01
Base Formality: Χ2(2) = 5.557, Pr(>Χ2) = 0.06

(2) Model Structure
Response ~ formality + (1+formality|subject)
Model Comparison Results
Χ2(1) = 2.41, Pr(>Χ2) = 0.12

Subtype models
Model Structure
Response Change ~ Direction * Base Formality +
(1+Direction|subject+stimulus)
Model Comparison Results
(All) Direction: Χ2(2) = 19.60, Pr(>Χ2) < .001
(f0) Direction: Χ2(2) = 2.20, Pr(>Χ2) = 0.13
(Rate) Direction: Χ2(2) = 0.23, Pr(>Χ2) = 0.63
(Range) Direction: Χ2(2) = 0.17, Pr(>Χ2) = 0.67
Base Formality: Χ2(2) = 4.98, Pr(>Χ2) = 0.08

Although subjects had difficulty accurately
categorizing the base stimuli, a more striking pattern
emerges when examining the changes in response
from the base to the manipulated stimuli. As shown
in Figure 1, the manipulation of individual prosodic
stimuli does not appear to cause a particularly
notable change in subject response, nor are there
large differences between manipulating the variables
upwards or downwards. However, there is a very
obvious difference between the categories when all
three variables are manipulated together (~ .7 steps
on the Likert scale).

Results show that the overall change in response
co-varies significantly with the direction of manipulation, but that the relationship is not significant
when manipulating any individual variable. No in-
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teraction terms were significant, and base formality
was not significant. When all three variables are manipulated together, the differences in change in subject response based on direction of prosodic manipulation is significant.

point falls into a point of overlap in the
distribution, it is more likely to be judged as part
of the formal category.
If this theory is accurate, then it would make
sense that manipulation of a single variable might
not be enough to – for example – push a subject
to judge a recording to likely be informal if they
are considering a series of different distributions
of phonetic variables and the other two variables
point to the recording being formal. This point
was possibly exacerbated by the design of the
experiment, wherein individual variables were
only manipulated to make recordings appear
closer to the opposite of their original category.
While this study does not provide enough
evidence to claim that this theory is definitely
accurate, future similar experiments which more
closely control the prosody of the base stimuli
and test more directions of manipulation could
provide more robust support for the theory.

Table 2: Results of modelling analyses.

Variable

X2 (2)

Estimate

p-value

Full Data

9.46

.797 ± .19

<.01*

19.60 1.169 ± .21

<.001*

All
Rate

.23

.101 ± .21

.63

Mean f0

2.20

.259 ± .17

.13

f0 range

.17

.072 ± .17

.67

4. DISCUSSION
Overall, the results of this study lend qualified
support to the hypothesis described in Section 1.
Although there is a relationship between the
direction of manipulation of the prosodic variables
and change in listener response, the relationship is
only significant when all three variables are
manipulated together. This result is similar to those
seen previously in [12] in that the results appear to
be super-additive, meaning that the total effect of
manipulating multiple variables is greater than it
would be if you simply added the effects of
manipulating each variable individually.
This discrepancy could be at least partially
explained by theories of speech perception espoused
in e.g. [11] & [15], where perceptual categories (e.g.
vowels, syllables, social categories) are realized as
distributions – often Gaussian in shape – of phonetic
values and category judgments are made
probabilistically (also known as an ‘ideal listener
model’). To illustrate this concept as it applies to the
current study, Figure 2 shows a series of
hypothetical normal distributions of f0 values from
an imaginary speaker.

5. CONCLUSION
While previous work on the connection between
prosody and formality in speech has posed the
question of which aspects of prosody are most
relevant to the relationship [8], this study has shown
that the salience of individual variables may be less
important than how they work together to inform a
listeners’ perception of different linguistic
categories.
The results of this study indicate that the process
of judging the formality of speech based on its
prosody is more probabilistic than deterministic,
likely involving the consideration of multiple factors
simultaneously. However, it seems likely based on
the super-additive nature of the results that listeners
are not using any one variable in isolation, and
therefore any explanation focusing on distributions
of a single variable may be somewhat reductive.
While the results do lend a certain amount of support
to a theory where speakers are accessing cue
distributions similar to those seen in Figure 2, a
model of this category judgment task should likely
be based on a ‘combined’ distribution of all the
relevant phonetic parameters considered together.
In sum, this study shows that prosody is closely
related to the perception of formality in Japanese,
mirroring results both on studies of other languages
[2] and other paralinguistic categories [12].
Methodologically speaking, the results indicate that
phonetic research investigating category judgment
tasks in speech should take the broader prosodic
environment into account, rather than only
investigating one or two prosodic variables in
isolation.

Figure 2: Hypothetical distributions of a speaker's
f0 in overall, formal, and informal categories.

While the distributions in Figure 2 overlap, the
formal category is much narrower (lower SD)
and therefore it is hypothesized that when a data
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material still remains a huge challenge in forensic
speaker comparison.

ABSTRACT
Forensic speaker comparison, as carried out at the
German federal criminal police office ‘Bundeskriminalamt’ (BKA), is an accredited method that
combines auditory phonetic-linguistic analysis and
acoustic procedures of digital audio processing.
Auditory phonetic-linguistic analysis is used to
describe audible speech features. Acoustic
measurements and calculations are used to quantify
auditory perceptions and to detect inaudible features.
In the context of acoustic procedures validated
forensic automatic and semi-automatic speaker
recognition are applied for further objectivity.
Examples of casework on telephone recordings
of drug dealers and other criminals illustrate the
application of the method and the challenges for the
analysis of forensic audio material, which is
typically characterized by poor acoustic quality,
short duration and mismatches of various factors.

2. METHODOLOGY
Forensic speaker comparison has the aim to help
answer the question of the same-speaker-hypothesis
or different-speaker-hypothesis between unknown
and suspected speakers by comparing their acoustic
traces on audio recordings. Speech features are
analysed in many dimensions on which speakers can
be distinguished. As it is expressed in the literature
(e.g. [4], [6], [7] and [9]) speaker-discriminatory
features should be as independent from one another
as possible. The relevant discriminatory information
is provided from the relation between intra- and
inter-individual speaker variation. All findings are
compared and evaluated on the basis of the (dis-)
similarity and the typicality of speaker-specific
characteristics. After this comparison and evaluation
process a conclusion statement is given on a verbal
probability scale of identity or non-identity of the
speakers.

Keywords: Forensic Speaker Comparison, Forensic
Automatic Speaker Recognition.

2.1. Principles

1. INTRODUCTION

As shown in figure 1 below, the methodology
combines auditory phonetic-linguistic perception
and descriptions of speech features on the one hand
and acoustic measurements and calculations of the
speech signal on the other hand. The analyses cover
three traditional categories: (1) speech and language,
(2) voice and (3) manner of speaking as well as an
additional feature in the context of voice that
comprises automatic and semiautomatic speaker
recognition.
The category ‘speech and language’ covers
phonetic analyses of speech sounds along with
linguistic analyses of lexical and grammatical
features. As a result, descriptions of native language,
dialect, foreign accent and socially or individually
distinctive features can be provided.
The category ‘voice’ comprises vibration
characteristics of the vocal folds and characteristics
of the vocal tract. Pitch and speech melody is
quantified by the acoustical correlates mean
fundamental frequency and its variability, like
standard deviation or variation coefficient. The latter
is not – like standard deviation – correlated with the

The methodology of forensic speaker comparison in
Germany was developed in the 1980s for the
purpose of identifying unknown voices of telephone
interceptions in criminal cases [8]. It was
continuously improved until today. Whereas in the
first years detailed auditory and predominantly
linguistically based analyses and descriptions played
a substantial role, in the last three decades, along
with technological and digital developments more
and more acoustic measurements and calculations
were added to the methodology providing additional
objectivity, such as time-domain and frequencydomain measurements. Finally, automatic and semiautomatic procedures were introduced into the
process of analyses. Since 2008, at the BKA forensic
speaker comparison became an accredited standard
operation procedure of inspection according to DIN
EN ISO/IEC 17020.
In spite of technological progress the specific
nature of the forensic material is often characterized
by very short duration, non-cooperative speakers and
reduced acoustic quality. Therefore, the forensic
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absolute level of fundamental frequency and thus an
independent feature (cf. [5], [6]; for the formula).
Voice quality can mainly be described on an
auditory basis and is evaluated based on the
experience and training of the expert. Due to the
limitations of the forensic material with its reduced
acoustic quality, micro vibrations of the vocal folds,
respectively jitter and shimmer, can hardly be
measured. Characteristics of the vocal tract,
however, can be captured with formant frequency
measurements and calculations of cepstral
coefficients.
In the context of cepstral coefficients and as an
additional methodology in the category of ‘voice’
forensic automatic and semi-automatic speaker
recognition procedures (FASR and FSASR) are
applied if the material satisfies the criteria. As
described in the Methodological Guidelines for Best
Practice in FASR and FSASR the procedures are
embedded in the Bayesian interpretation framework
([2]). FASR operates in its central processing stages
automatically. These consist of at least feature
extraction, feature modelling, similarity scoring and
Likelihood Ratio (LR) computation. FSASR
operates in its central processing stages partially
automatically and partially with human intervention.
Human intervention in FSASR focusses on the level
of feature extraction: acoustic-phonetic information
is measured manually or is supervised based on
tracking algorithms. The remaining processing steps
proceed automatically and, like in FASR, result in a
LR.
At the BKA a variety of different commercial
FASR systems are used. The systems are tested
regularly on forensic data under different conditions
such as duration, type of recording and language.
Some results on a German telephone-based forensic
corpus called GFS 2.0 (German Forensic Speech
corpus) are published in Solewicz et al. ([11]).
The category ‘manner of speaking’ mainly
contains descriptive supra-segmental features, like
e.g. articulation precision, speech fluency, some
speech disorders, intonation and respiration or
speech tempo. The latter can be measured in terms
of articulation rate.
In the whole speaker comparison process the
knowledge and competence of the expert plays a
substantial role. They have to make decisions at
every step of the speaker comparison analysis using
available background information, as well as their
experience. Discriminatory power of the features, as
well as case-specific similarity and typicality are
evaluated in all the different features analysed. The
evaluation of all findings results in a statement on a
verbal probability scale of identity or non-identity of

speakers. The results of the investigation are
documented in an expert report.

Figure 1: Standard operation procedure of forensic
speaker comparison at the BKA.

2.2. Validation

The method of forensic speaker comparison is
developed and improved since more than three
decades. Since ten years its standard operation
procedure is regularly validated in inter-laboratory
proficiency tests and collaborative exercises ([1]; for
an example of a collaborative exercise). Because of
the subjective component of the method and for
quality assurance and control purposes it is also
required that results and opinions are to be examined
by a second expert.
2.3. Case Assessment

Before the method of forensic speaker comparison is
applied, all the relevant audio material has to be
tested as to whether it satisfies the criteria of the
analyses and procedures. The criteria concern
quantity and quality factors as well as match or
mismatch conditions of the speech material in
various aspects, such as digital audio format or
acoustic environment of the recordings, spoken
language, age or situational factors affecting speech
behaviour, like e.g. stress, disease, voice disguise or
intoxication. The result of this testing determines if
and to what extent the audio material is appropriate
for the method. It also shows the influence that can
be expected on the evaluation and the results of the
forensic speaker comparison.
3. EXAMPLES OF CASEWORK
Three examples of casework in different but
representative forensic scenarios illustrate the
application of the methodology.
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reverberations, background noise) were provided: 12
recordings of the questioned speakers, 5 recordings
of the suspected speaker and 13 recordings of the
brother of the suspected speaker. There were many
mismatches in the conversation situations. Some of
the situations involved a calm or sleepy mood some
others lead to very loud and excited or upset speech.
The variations of the characteristics of some speech
features, especially fundamental frequency and
voice quality were correspondingly high between the
recordings, even in the intra-speaker conditions of
the two suspected relatives. But during the analyses
it became obvious that the questioned speakers as
well as the suspected speaker used a kind of youth
slang and a continuous idiosyncratic code switching
between the German and the Arabic language. They
switched even within small units of utterances from
one word to the next. The brother did neither show
youth slang nor code switching in any of the 13
recordings, but had strong disfluencies and a lax and
mumbled articulation. The utterances in Arabic
language were investigated by an Arabic expert,
who found two different Arabic dialects between the
questioned speakers and the suspected speaker on
the one hand and the brother on the other hand.
After the evaluation of all findings the
investigation came to the conclusion that there is a
very high probability of identity between the
questioned speakers among each other as well as
between the questioned speakers and the suspected
speaker. However, the brother of the suspected
speaker could not at all be thought of as one of the
questioned speakers. Considering these findings the
general question of reliable results in the context of
siblings which was raised in court was answered as
follows. A forensic speaker comparison can
absolutely come to a reliable result with brothers
involved. Voices of brothers can in principle be
distinct, but discriminability could be rather difficult
with similar voices, not only between relatives and
especially in poor acoustic quality recordings.

3.1. Analysing short material

In a case of drug dealing the recordings of five
telephone conversations served as evidence for the
criminal act, because the interlocutors talked about
details of the drug dealing. One of the interlocutors
was unknown for the police. Thus, the recordings
were submitted to the forensic science institute of
the BKA for an investigation of forensic speaker
comparison.
The acoustic quality of the audio material had no
remarkable distortions, but the durations of the
recordings of the questioned interlocutors were very
short to short (5 to 17 seconds of net speech). For
the comparison ten recordings of a suspected
speaker were provided from the police. These
recordings were even shorter (1 to 9 seconds of net
speech). Only little information on speech behaviour
was expected from these recordings. But despite the
very short durations of the material the findings led
to an evaluation on a high identification level for all
speakers. Numerous strong consistencies could be
found between all the questioned interlocutors and
the suspected speaker. The questioned interlocutors
as well as the suspected speaker spoke German with
the same peculiarities of an Albanian accent, showed
similar grammatical errors and used lots of identical
empty and confirmation phrases in a specific
combination. All of those speakers had a peculiar
harsh and creaky voice quality, salient respiration
and showed a high articulation rate of 6 to 8, locally
up to 10 syllables per second.
3.2. The problem of brothers

In another case a member of an extended family clan
was accused of criminal activities, where telephone
conversations in German and Arabic were involved.
Since a private expert opinion addressed only the
German recordings, questions were raised during the
trial and additional investigations of the Arabic
recordings were considered to be necessary.
Furthermore, the defence attorneys pointed out that
one of the suspects’ brothers could also be the
speaker in question. Hence, a second expert opinion
was necessary. Speaker comparisons for all German
and Arabic recordings were requested (1) between
the questioned speakers among each other, (2)
between the questioned speakers and the suspected
speaker and (3) also between the questioned
speakers and the brother of the suspected speaker.
Finally, it was asked if a forensic speaker
comparison can generally come to a reliable result
when brothers are involved.
Thirty telephone recordings with different
durations (4 to 150 seconds of net speech) and
different acoustic qualities (partly distortions,

3.3. Integrating an automatic procedure

In a case of illegal financial transactions, where
more than one minute of net speech in German
telephone recordings was available for each speaker,
the procedure of forensic automatic speaker
recognition was applied in addition to the auditory
phonetic-linguistic and acoustic analyses.
In the first step the two recordings were analysed
in the traditional categories. A number of
consistencies were found between the questioned
and the suspected speaker. Both speakers had some
markers of an eastern German dialect, they had a
special realisation of a farewell phrase (/tschü-üs/),
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the voices were monotonous with only little
variation and slightly nasal and breathy. The
articulation rates were at the upper limit of the
population distribution. In the second step an ivector based calibrated commercial automatic
speaker recognition system, which was validated on
forensic material, was applied. In this procedure
after feature extraction and modelling the similarity
between the questioned and the suspected speaker is
calculated in relation to the distribution of samespeaker comparisons as well as in relation to the
distribution of different-speaker comparisons. The
result is given as a LR value or as log10LR. The
value represents the strength of evidence. If log10 LR
is greater than 0, there is more evidence for identity,
if log10 LR is smaller than 0, there is more evidence
against identity. In this case the log10 LR was 5. This
result supports identity and was evaluated with all
other results. The final statement was given on a
verbal probability scale.

acoustics, such as the analysis of formants,
fundamental frequency and speech tempo.
Practitioners in our group are often asked in court to
make general statements about the problematic or
non-problematic nature of siblings’ speech.
Research as well as practice shows that there can be
no uniform answer. In the case example shown,
siblings differed strikingly, but there can also be
more challenging situations.
4.3. Combining evidence

The casework example in 3.3 mentioned a variety of
speaker-discriminatory features, including dialectal
patterns, greeting expressions, pitch variability,
auditory voice quality, and the results of an
automatic (i-vector-based) system. The question
arises as to how these features are combined in order
to reach a final conclusion to the speaker
comparison task. As a special case of this question,
it is often asked what consequence for the
conclusion it would have if results from an
automatic system did not agree with results obtained
from traditional auditory-acoustic features. The way
of combining evidence practiced at the BKA is
roughly as follows: For each of the features found
within the four categories shown in Fig. 1 an
assessment or quantification is provided of the
similarity and typicality of the feature values found
within a case, as established in the likelihood ratio
framework ([9]). In that sense, FASR is also based
on a feature, viz. cepstral parameters. Attention is
also paid to the overall speaker-discriminatory
performance of the feature at hand – being well
aware that the performance of FASR can be very
high, especially when comparing between telephone
recorded samples. It is possible that in a particular
case a feature of the auditory-acoustic categories
‘speech & language’, ‘voice’ and ‘manner of
speaking’ – for example a very rare greeting
expression – outweighs automatic speaker
recognition in the final conclusion, especially when
its results are close to the inconclusive area. In other
words, we do not see FASR as a separate domain but
look at each of the features, their similarity and
typicality in a case and their overall performance
and then combine the evidence in a qualitative way
in order to arrive at a conclusion. Although currently
still verbalized as posterior probability (probability
of same-speaker and different-speaker hypotheses)
the underlying methodology is oriented towards the
likelihood ratio framework.

4. DISCUSSION OF CASEWORK EXAMPLES
The casework examples raise a set of more general
issues that are addressed in the following
subsections. Since the examples are a mere snapshot
of forensic practice, the general issues addressed
here are necessarily selective and non-exhaustive as
well.
4.1. Duration requirements

Duration of available speech is an important factor
in forensic speaker comparison. There can be limits
of net speech below which no analysis is possible.
However, such limits have to be established
separately for each different speaker-discriminatory
feature; there should not be any one-size-fits-all
duration threshold. For example, the systematic
analysis of filled pauses generally requires longer
speech passages than the auditory assessment of
voice quality. The example in 3.1 shows that even
net durations below ten seconds can provide
important speaker information. What the example
also shows is that foreign accent can be a rich source
of idiosyncratic features, as discussed in Jessen ([6]).
4.2. Dealing with non-twin siblings

Although twins tend to show relatively high levels
of similarity in their voice and speech patterns
(monozygotic more so than dizygotic), non-twin
siblings, which are forensically more frequent than
twins, often show lower levels of similarity than
twins ([10]). Feiser ([3]) shows that non-twin male
siblings can quite often be distinguished based on
methods commonly used in forensic phonetics and
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influential Australian judgment ruled that enhancing
is ‘the aural equivalent of the use of a magnifying
glass to enhance an individual’s capacity to perceive
the relevant record’ (R v Giovannone [2002]
NSWCCA 323 at para. 58). This is plainly incorrect
[2]. However, in combination with other factors, its
use as a precedent means criteria for admission of
‘enhanced’ audio in court are very lax [2]. There are
known cases (one discussed below) of ineffective
and potentially misleading ‘enhancements’ being
admitted as reliable assistance.
There is thus a need, especially in view of general
moves towards greater rigour in forensic science [3],
[4], for better control over the validation of audio
enhancements used as evidence in court. Indeed
some valuable moves have recently been made in
this direction [5].
The current paper discusses two sets of
considerations that may be worth keeping in mind
during development of criteria for validating audio
enhancement. The first set stem from findings about
the role of priming in speech perception. The second
set stem from observations about how covert
recordings are actually used in trials.

ABSTRACT
Covert recordings can provide powerful evidence in
criminal trials. Since the audio is often of poor
quality, many jurisdictions allow an ‘enhanced’
version to be admitted, along with a transcript, to
assist the trier of fact in understanding the content of
forensic audio. But how is ‘enhancing’ evaluated? In
Australian courts, it is simply a matter for the jury to
decide whether the processed audio ‘sounds clearer’
than the original. This paper presents two perception
experiments showing, first, that ‘enhancing’ can
make audio sound ‘clearer’ in the sense of ‘less
noisy’ without making it objectively more
intelligible; and, second, that ‘clearer’ audio makes
listeners more likely to accept an unreliable
transcript. This is a problem in view of common
practices that result in admission of unreliable police
transcripts as ‘assistance’ to juries.
Discussion urges researchers to consider the legal
context in which their work will be interpreted.
Keywords: forensic phonetics, audio enhancing,
speech perception

2. CONSIDERATION 1:
THE POWER OF PRIMING

1. INTRODUCTION
Covert recordings (typically obtained by ‘bugging’
houses or vehicles) are used during investigation of
most major crimes. Increasingly, they are also used
as evidence in court, when the crime comes to trial.
Unfortunately, due to the manner of their capture,
many covert recordings are indistinct to the point of
being unintelligible. In such cases, the jury, or other
trier of fact, needs assistance to understand the
evidence. Legal procedures for providing this
assistance vary from one jurisdiction to another. The
present paper focuses on Australia, but many of the
comments are relevant more widely.
The most common form of assistance is a
transcript, typically prepared by police [1]. However,
here we consider another frequently used aid to
perception: an ‘enhanced’ version of the audio.
‘Enhancing’ is a vague term covering a wide
variety of processes which are poorly understood by
the community in general, and by the legal
community in particular [2]. For example, one

For speech in general, and especially for indistinct
speech, the signal underdetermines the message it
transmits [6]. Speech perception requires
information from the signal to be combined with
information from other sources. Priming is the
powerful but generally unnoticed cognitive process
via which listeners use contextual expectations to
‘get ready’ to perceive speech. These expectations
come from knowledge (or assumptions) about the
situation, and/or from suggestion of specific words
that might be heard. In a forensic context, the latter
typically takes the form of a transcript.
In everyday situations, priming is generally
helpful, since listeners’ expectations are usually in
harmony with ‘ground truth’ (the actual content of
the speech). Rare cases of error are readily corrected
when the right interpretation is revealed.
It is notable, however, that acknowledging the
role of priming problematises the everyday concept
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listening to the enhanced version. This initially looks
like support for the effectiveness of the enhancing.
However further results show this impression to be
misleading.
First, there was little difference in the content of
responses from groups listening to ‘enhanced’ and
‘original’ versions. Both gave highly variable
transcripts, none with any resemblance (beyond the
one word ‘fish’) to what was really said. This
suggests the enhancing had had no objective effect
in improving the intelligibility of the audio.
Second, the group listening to the ‘enhanced’
version was more likely (80% vs 47%) to offer some
interpretation (albeit inaccurate), while the group
listening to the original was more likely (53% vs
20%) to indicate the audio was unintelligible – which
is arguably the ‘right answer’ in this situation.
Results were interpreted as showing that it is
possible for ‘enhancing’ to make audio seem
‘clearer’ (presumably via reduction of noise) without
objectively improving its intelligibility. This
potentially compromises the reliability of audio
evidence. The next experiment shows how.

that a recording is objectively either ‘clear’ or
‘unclear’. With indistinct audio, the same speech can
seem perfectly clear to listeners primed with
appropriate expectations, but highly unclear to those
who lack background knowledge of the content.
More importantly, priming with misleading
expectations can override acoustic cues, creating
confident but erroneous perception [7].
This makes it very easy, in forensic contexts,
where ‘ground truth’ regarding the content of the
recording is by definition not available as a
corrective, for listeners to be unwittingly misled by
an unreliable transcript or by misleading contextual
expectations – and very difficult for them to recover
from perceptual errors. Cases are known of actual
and potential injustice arising from use in court of
unreliable transcripts of indistinct audio [8].
While priming itself has been given considerable
attention in forensic phonetics in recent years [8], the
question of how priming interacts with enhancing
has so far been little studied. This paper makes a start
by reporting two simple experiments that bear on
that issue.
Both use short snippets of indistinct audio for
which both the ‘original’, and a version ‘enhanced’
in a manner similar to those admitted in Australian
courts, are available in the public domain. Unlike
most real cases, however, ‘ground truth’ regarding
their content is known. This enables us to use
participants’ responses to evaluate objectively
whether the ‘enhancing’ has been effective in
revealing what was said. More importantly – and the
main intention of these studies – it enables us to test
listeners’ ability to evaluate the effect of enhancing.

2.2. The ‘JB’ experiment

The JB experiment [9] aimed to further investigate
the interaction between enhancing and priming. Here
the recording was a short snippet of unintelligible
audio related to a real murder. Although the evidence
has not been tested in court, the murder and the audio
have been widely discussed in the media, due to
claims that ‘modern enhancing techniques’ reveal
four phrases spoken by family members of the
deceased, indicating they were involved in the
murder.
However, while the phrases (evidently
originating from a police transcript [10]) have been
widely accepted as valid, it seems the audio is not
speech at all, but the sound of typing [9], [11].
The experiment used 78 participants in two
groups. In Step 1, the groups were randomly
assigned to listen to either the original or the
enhanced version (without being told there were
versions, or given any other information about the
audio). They were invited to listen as often as they
wished, and transcribe what they heard.
Only a quarter of all participants heard any kind
of speech at all, and no one in either group heard
anything remotely like the four alleged phrases. This
was interpreted as demonstration that the
‘enhancing’ had had no objective effect in
‘revealing’ the incriminating content. Interestingly,
however, as with the ‘fish’ experiment, those
listening to the enhanced audio were substantially
more likely (24% vs 5%) to hear some words, though

2.1. The ‘fish’ experiment

The ‘fish’ experiment [2] played a short snippet of
(non-forensic) audio in original and enhanced
versions to 60 participants.
In Part 1, participants played each version once
only (without being told which was which, or given
any information about the audio), and were simply
asked to state which one they found ‘clearer’.
Responses indicated that 62% found the enhanced
version clearer, while 38% found the original clearer.
In Part 2, participants were divided into two
groups of 30, randomly assigned to listen to either
the original or the enhanced version (without being
told which it was). This time they were asked to
listen as many times as they wished and transcribe
what they thought was said (again, no information
was provided about the recording or its context).
The most consistent response was that 37%
correctly heard one key word (‘fish’). Of these, 32%
were listening to the original, while 68% were
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Again, it might be suggested that more qualified
listeners, perhaps experienced phoneticians, could
do a better job than the listeners in the experiments.
That also might be true.
However, what really matters is not whether a
particular expert might hypothetically evaluate
enhanced audio reliably. What really matters is how
enhanced audio is actually evaluated by the courts in
which it is used as evidence. That is the question to
which we now turn.

no two participants heard the same words, and few
transcribed coherent phrases.
Step 2 primed participants in both groups by
explicitly suggesting the movie’s four phrases as a
possible interpretation of the audio. Overall, 44%
now claimed to hear at least one of the phrases, even
if not clearly. Importantly, however, those listening
to the enhanced version were substantially more
likely than those listening to the original (63% vs
24%) to accept the (misleading) phrases, and to hear
at least one of them ‘clearly’. See Figure 1.

3. CONSIDERATION 2: HOW
‘ENHANCED’ AUDIO IS USED IN TRIALS

Figure 1 After priming (Step 2), how many
participants in each group claimed to hear at least
one of the alleged phrases ‘clearly’, ‘not clearly’,
or ‘not at all’. Note: Before priming (Step 1) no
participants in either group heard anything
remotely like any of the phrases.

As with other aspects of covert recordings, rules for
admission and use of enhanced audio were
developed without consultation of the linguistic
sciences [1]. Consequently, as mentioned above,
they embody poor understanding of what is
involved. ‘Enhancing’ is commissioned from a wide
range of ‘experts’, who seldom have any background
in linguistic or cognitive phonetics, and often have
low qualifications even in audio engineering.
Admission is rarely contested, and when it is, the
final criterion is whether the judge, listening
personally, considers that the jury might potentially
find the ‘enhanced’ version ‘clearer’ than the
original. This is because evaluation of the
effectiveness of an enhancement is considered
ultimately to be a matter for the jury, who are invited
to use it if and only if they find it more helpful than
the original in discerning the content of the audio.
Of course, judge, jury and everyone else involved
in the trial are well primed, both by extensive
background knowledge or assumptions about the
context, and by a transcript (whose evaluation is
also, ultimately, a matter for the jury [1]). Based on
findings like those discussed above, it seems
possible they might find a less noisy ‘enhanced’
version ‘clearer’ even if it makes no objective
improvement to the intelligibility of the audio.
This possibility is confirmed by an informal
experiment [2] which used audio from a real trial in
two versions: the original, and an ‘enhanced’ version
that was admitted, despite expert evidence that its
apparent clarity was potentially misleading, on the
grounds that the judge heard it as ‘clearer’.
Experiment participants given no information
about the audio were unable to hear any words at all
in either version. For both versions, when prompted
with contextual information, some participants heard
words, but they all heard different words, none
remotely like the police transcript.
This confirms that the ‘enhancing’ had not made
the audio objectively more intelligible – though it
might well have made it seem ‘clearer’ in the sense

These results were interpreted as further
demonstration (adding to the previous experiments)
that enhancing can make audio seem ‘clearer’
without objectively improving its intelligibility.
However, they also allowed an additional
important observation: making audio seem ‘clearer’
can, far from allowing listeners to hear more reliably,
exacerbate the already powerfully misleading effect
of priming with an unreliable transcript.
2.3. Does it matter?

It might be suggested that these results merely
indicate the ineffectiveness of the particular
enhancing techniques used in these examples.
Indeed, it could well be true that better results are
possible – there is certainly a good deal of research
aiming to develop more effective forensic enhancing
techniques [12].
The current question, however, is not whether it
might be possible to do better enhancement of any
particular audio, but whether, in general, ordinary
listeners can reliably evaluate whether any particular
enhancement they are presented with has objectively
improved the intelligibility of the audio. Results of
the experiments just discussed indicate it is not.
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to confident but erroneous perception, must surely
urge caution regarding reliance on what ‘sounds
clear’ in forensic contexts – where ground truth is
necessarily unknown.
It is interesting to note that the UK Forensic
Regulator [14] has urged similar caution in relation
to image enhancement – though not (yet) in relation
to audio enhancement [11].
Finally, it is worth repeating that, no matter how
expert enhancers themselves may evaluate their own
work, what really matters is how the court evaluates
it – and they will always be listening under very
different conditions from those of the expert. In
particular, they will inevitably be heavily influenced,
at least by the very contextual knowledge from
which the experts may have carefully protected
themselves, and often also by a potentially
misleading police transcript.
For all these reasons and more, it is essential to
ensure that strategies for validating audio
enhancement are developed in an interdisciplinary
manner that takes full account of cognitive, as well
as technical, aspects of phonetic science.

of making the (unreliable) police transcript more
credible to the jury than it would have if they had
listened only to the (extremely indistinct) original.
4. THE PROBLEM
It seems clear there is a problem with the handling of
forensic audio used as evidence in criminal trials, at
least in Australia. Before recommending a solution,
it is worth thinking through the nature of the
problem, and the relevance of the considerations
outlined above, in more detail.
First, whatever solution might be offered, it is
essential that it should take account of how the law
actually works. After all, the best enhancement in the
world could be useless or worse if used in court
under conditions that tend to mislead listeners.
Indeed, solving problems with forensic enhancing
will likely need discussion as to how legal practice
can be changed so as to better align with scientific
principles.
Importantly, however, before getting to that
point, it is essential for those recommending
solutions to know enough about how the law works
to ensure their recommendations are feasible, and
will not risk causing as many problems as they solve.
Second, whatever solution might be offered, it is
essential that it should take account of how speech
perception actually works. After all, the purpose of
enhancing audio is to make it easier for listeners to
perceive what is said in the recording, and speech
perception is relevant at every step in the process.
Consider,
for
example,
a
possible
recommendation that enhancing should always be
done by qualified experts, protected from biasing
knowledge or assumptions about the case. This
would indeed be a step forward from current
practice. However, understanding of speech
perception is still relevant, for several reasons.
First, even the most responsible professionals
evaluate their own enhancing by listening. Contrary
to popular belief, there is no automatic technique that
can take unintelligible audio as input and produce
intelligible speech as output [13]. Audio enhancing
is acknowledged to be an inherently subjective
process: analysts typically proceed by carefully
explore the boundary between helpful processing
and detrimental over-processing.
Most importantly, even to the extent that
enhancing can be said to make audio sound ‘clearer’,
in a real forensic context the question must always
remain as to whether that clarity reliably reflects the
ground truth of what was actually said at the time the
recording was made. The fact that experiments,
using audio for which ground truth is known, show
that listeners can be easily led by apparent ‘clarity’

5. THE SOLUTION
Enhancing is one of several issues (along with
transcription, translation and speaker attribution)
that have led Australian linguists to create a Call to
Action, requesting the judiciary to set in train a
process of review and reform regarding procedures
for admission and use of covert recordings as
evidence in criminal trials [1].
The aim is for authorities to recognise the need
to instigate a collaborative, evidence-based,
interdisciplinary project involving law, law
enforcement and multiple branches of linguistic
science, in order to create a process capable of
ensuring covert recordings are used reliably and
fairly in criminal trials.
While bringing this about will inevitably be a
long-term project, there is a lot that can be done by
speech science experts in the meantime.
Perhaps most important is for genuine experts to
take every opportunity, not just to display the
capabilities of their techniques, but to disabuse law
and law enforcement personnel of the common
misconception that making indistinct audio ‘sound
clearer’ is necessarily helpful in revealing what was
actually said in a forensic recording.
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ABSTRACT

that of a known suspect, with a view to assessing the
likelihood that the speech of the same speaker is
present in both recordings. Depending on
availability of material, this analysis will typically
include the comparison of auditory observations and
acoustic measurements in respect of a range of
phonetic features; many of these are related to the
anatomy of the speaker, e.g. fundamental frequency
and formant frequencies. Analysing disfluency
features allows the phonetician access to a source of
behaviour-related information about a speaker which
is complementary to the information provided by
anatomy-related features. Further, while many
anatomy-related features are realised in the spectral
domain, disfluency features are primarily realised in
the temporal domain so are less susceptible to the
detrimental effects of telephone transmission at play
in a considerable proportion of forensic recordings.
Until recently, analysis of disfluency behaviour
in forensic casework had been a matter of ad hoc
description rather than analysis within a framework
of formal categories. With two notable exceptions
[2,3], quantitative investigation of disfluency for
potential forensic application has been limited.
In [6], an approach for quantifying the disfluency
behaviour of individuals is described using TOFFA:
‘Taxonomy of Fluency features for Forensic
Analysis’. TOFFA draws on ideas developed in
research analysing features of the speech of people
who stutter, e.g. [4,10]. Using TOFFA, McDougall
and Duckworth analysed the disfluency profiles of
20 male speakers of Standard Southern British
English (SSBE), aged 18-25 years, in interview-style
speech and telephone conversations from the DyViS
database [8]. The 20 speakers displayed considerable
individual variation in their disfluency behaviour,
both in terms of the types of disfluency features they
used and in their rates of occurrence [5]. When
comparing across the two speech styles, individuals’
disfluency profiles showed a degree of consistency
for most disfluency features [6]. TOFFA has also
been used to demonstrate patterns of individual
variation in the disfluency profiles of 20 male
speakers of York English [7]. While the speakerspecificity demonstrated by the TOFFA disfluency
profiles of the 20 SSBE and 20 York English
speakers is very encouraging, larger-scale empirical

Although disfluency features such as filled and silent
pauses, repetitions, prolongations and selfinterruptions can be expected to exhibit a range of
individual variation, until recently there was little
research quantifying this variation for normallyfluent speakers. Previous analysis of disfluencies in
forensic speaker comparison (FSC) casework had
been limited to impressionistic description rather
than analysis within a quantitative framework. In
2017, McDougall and Duckworth published
TOFFA, a ‘Taxonomy of Fluency features for
Forensic Analysis’ [5], which provides a formal
system for quantifying individual variation in
normally-fluent speakers in the forensic context. The
present paper discusses points to consider in
implementing the framework in casework. Example
cases from the experience of the consultancy
J P French Associates (JPFA) are presented to
illustrate situations where analysis of disfluencies
was of key importance. The work provides evidence
that in cases where it can be used, disfluency
profiling using TOFFA is a useful tool for FSC,
complementary to other types of analysis.
Keywords: fluency behaviour, disfluency features
TOFFA, individual differences, speaker-specificity.
1. INTRODUCTION
Normally fluent speakers are not perfectly fluent.
Their speech exhibits a range of perturbations to its
flow such as filled and silent pauses, repetitions,
prolongations
and
self-interruptions.
Such
phenomena are of interest in forensic phonetics due
to their potential for individual variation. Usage of
filled and silent pauses may play a part in the
planning of speech and is therefore likely to differ
among speakers. Variation between speakers can
likewise be expected for fluency disruptions such as
repetitions and prolongations which are also related
to the planning and execution of speech processes,
and therefore difficult to control consciously or
exploit for disguise.
In a FSC case, the phonetician is asked to
compare a speech recording related to a crime with
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data is not yet available for different types of
speakers, nor for intra-speaker variability across a
wider range of communicative situations; there is a
great deal of scope for future research in this area.
The development of McDougall and Duckworth’s taxonomy has proceeded symbiotically
through theoretical work in the laboratory, their own
casework investigations and regular discussion with
other forensic phoneticians, including the co-authors
of the present paper. This paper thus gives a brief
outline of the TOFFA approach followed by a
discussion of its implementation in casework.
Pertinent findings and issues from three criminal
cases are presented. Implications of this work for
future research and ongoing practical concerns in
enhancing the forensic application of TOFFA are
discussed.

impressionistic level. An example of the kind of
wording that was used is: “The speech of the suspect
and the offender featured a very similar pattern of
disfluency. There was evidence of stammering in
both recordings, which manifested in frequent
repetitions of words and syllables, and block-type
fluency interruptions.”.
The TOFFA framework offers a more objective
approach with a clear methodology, enabling precise
quantification and replication of findings. Further,
TOFFA enables the analyst to capture features that
are not necessarily perceptually salient.
The forensic consultant co-authors have in recent
years adapted the TOFFA approach at JPFA to meet
the practical needs of the cases in which they have
included disfluency analysis. While McDougall and
Duckworth [5] propose counting the number of
occurrences of each particular disfluency type
against a syllable base (number of occurrences per
100 syllables), the JPFA co-authors pointed out that
using metrics anchored within a time-base would
increase efficiency since the data counts could be
collected in parallel with the analysis of other
forensically-relevant features. This prompted a
further study by McDougall and Duckworth [5]
comparing the levels of speaker-discriminating
information yielded by the same data set (the 20
SSBE speakers from DyViS in the police interview
task) using a time-base and a syllable-base. The time

2. THE ‘TOFFA’ FRAMEWORK AND
METHOD
The TOFFA approach adopts a general definition of
a ‘fluency disruption’ as: any phenomenon
originated by the speaker which changes the flow of
the speaker’s utterance. A brief outline of the
disfluency categories used is given in Table 1 (see
[5] for a detailed outline).
To produce a TOFFA profile, speech data are
transcribed orthographically in a text grid and the
disfluency features annotated, using software such as
Praat [1]. The transcriptions are transferred to a
spreadsheet, along with a record of the number of
phonetic syllables per utterance, or a note of the
duration of the utterance. The syllables counted
include all repetitions, even part-word repetitions,
but exclude non-word phenomena such as filled
pauses. The number of occurrences of each
disfluency feature per 100 syllables or per unit timestretch is calculated for each speaker.

Silent
Pauses

Filled
Pauses

Table 1: Categories of disfluency features.

Repetitions

3. USING TOFFA IN CASEWORK

Interruptions

Prolongations

Previous examination of disfluencies for FSC cases
was typically based on impressionistic description,
so lacking in quantification. It was therefore difficult
to assess the evidential value of disfluencies, e.g.
using an approach such as likelihood ratios.
Judgements that forensic phoneticians made about
the typicality of certain disfluency features were
purely subjective, by necessity given the lack of
population data or a formal quantitative framework
for analysis. Reports tended only to mention
disfluency for speakers where disfluency patterns
were very marked, e.g. extreme stuttering or very
frequent use of a particular feature. In such cases
disfluency behaviour was only described at an

732

Subcategories and examples
- er [er]
- erm [erm]
- others, e.g. ah [fpo]
- ‘grammatical’ [pg]
- ‘other’ [po]
- part-word [pwr]
on the road I park my car th-there’s
- whole word [wrep]
but she- she’s also
- phrase [prep]
on your-on your left there’s a reservoir
- multiple (i.e. more than 2 iterations) [mrep]
a hairdresser at the- at the- at the- at the(duration ≥ 200 msecs)
- vocalic, e.g. vowel, nasal, lateral [prov]
- fricative [prof]
- plosive closure duration or affricate closure or
release duration [prop]
(speaker interrupts self and discontinues the
utterance, or continues with a modification)
- phrase [pint]
pighty road which- and then then you …
- word [wint]
I th- I probably recognise like the bar lady

-based metrics were the number of occurrences of
the feature of interest per 20s stretch of speech
(edited compilation of the target speaker’s speech).
High correlations (r ≥ 0.8) were achieved between
syllable- and time-based measures. Discriminant
analyses showed small differences in classification
accuracy for each approach, but neither was consistently better. Since the two approaches provided
similar levels of speaker-specific information on the
whole, the first and third author have proceeded with
a time-based approach in subsequent research and
JPFA have used time-based analyses in casework.
Two simplifications to TOFFA categories have
been adopted for the JPFA implementation to casework. Firstly, while TOFFA captures both pauses at
grammatical boundaries [pg] and pauses in other
locations within an utterance [po], the JPFA implementation counts [po] only; [pg] is not among the
features analysed. Secondly, while TOFFA differentiates between two types of consonantal prolongations [prof] and [prop], the JPFA implementation
merges these into one consonant category, [proc].
Measuring disfluency behaviour is not
appropriate in every FSC case. First of all, the
samples need to be long enough to establish
meaningful rates of disfluency. Whether a sample is
sufficiently long depends on the quantity of speech
and on the type of content, i.e. natural flowing
speech versus giving addresses, telephone numbers,
etc. At present, JPFA would be unlikely to undertake
a quantitative TOFFA analysis unless around 45-60s
net speech is available in both the known and
questioned samples. A goal for further research is to
improve our understanding of how much speech is
required to establish stable disfluency rates, and the
impact of various relevant factors. Secondly, given
the time implications, currently a TOFFA analysis is
more likely to go ahead for a forensic case where it
appears impressionistically that disfluency profiling
would be helpful. Further considerations about the
comparability of the speaking styles and situations
of the recordings to be compared come into play.
While the degree of (mis)match between the
technical recording characteristics of the samples
can vary, it is desirable for there to be a degree of
similarity in the power relations, cognitive load,
interlocutor, topic and guise across the two
recordings. As mentioned in the Introduction, a lack
of empirical data on the effects of these factors or
the extent of intra-speaker variation across different
real world communicative situations means that it is
important that the limitations of any conclusions
drawn using TOFFA are carefully stated.
The JPFA authors note that specific training is
needed to become skilled in using TOFFA. They
emphasise the importance of collaborative work –

checking analyses jointly and monitoring crosscalibration of experts, since there is a degree of
subjective judgment in assigning features to
categories.
4. CASEWORK EXAMPLES
Some examples of the application of disfluency
analysis using TOFFA to cases are presented below.
4.1. Case 1

The graph in Figure 1 shows the disfluency profiles
yielded by two phone calls made by (an) unknown
speaker(s) and the speech sample of a suspect in a
fraud case. For these recordings, the TOFFA
analysis added further strength to other findings
supporting the hypothesis that different speakers
were involved, as the suspect sample was
considerably more disfluent (30 disfl/min) than
either of the questioned call samples (Call 1:
6 disfl/min; Call 2: 8 disfl/min). The TOFFA results
were consistent with differences between the
recordings in voice quality, accent, vowel formants,
rhythm and grammatical features.
Figure 1: Case 1 TOFFA disfluency profiles for
Call 1 and Call 2 (unknown speaker) and suspect
sample.
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4.2. Case 2

In this case, the task was to compare several
incriminating phone calls with two suspects who
were brothers. The two suspect voices were
extremely similar; they yielded similar measures for
pitch, voice quality, overall accent features, and F1,
F2 and F3 frequency distributions. Although there
were some segmental variations and differences in
rhythmic behaviour between the brothers, these were
slight. TOFFA profiling (Figure 2), however,
contributed considerable speaker-distinguishing
information, such that Suspect B’s speech was much
more disfluent (44.1 disfl/min) than Suspect A’s
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Figure 2: Case 2 TOFFA disfluency profiles for
Call 1 and Call 2 (unknown speaker) and suspect
sample.

of an appropriate population distribution. As is the
case for the majority of features examined by
forensic phoneticians using an auditory/acoustic
phonetic approach, at present, analysts are only able
to make typicality judgements for disfluency
features based on casework experience, i.e. the
gradual development of a ‘mental database’ by
carrying out TOFFA analysis on previous cases.
Judgements therefore remain subjective, albeit on a
more quantitatively replicable set of results.
The TOFFA approach, its early lab-based
research results [5,6,7] and the illustration of its
implementation to casework data here, provide a
firm foundation for the next stage of improving the
forensic analysis of disfluency behaviour. Further
research is needed to determine the distribution of
disfluency features across larger normally-fluent
populations, across a range of different speaking
situation, across non-contemporaneous recordings,
and across different accents and varieties. When
such data become available, analyses testing the
speaker-specificity of TOFFA disfluency profiling
using likelihood ratio analyses should be undertaken
[9]. In the meantime, some progress could be made
within the casework context, by checking that
analysts are measuring in the same way and then
using case data to compile a database of reference
material towards improved typicality assessments. In
fact, JPFA are in the process of compiling disfluency
profile data - along with data for a range of other
features - from case files in order to generate this
type of resource.
While population-based calculations of the
speaker-specificity of disfluency features remain a
longer-term goal, TOFFA does offer quantification
of a behavioural aspect of speech which previously
was only analysed in impressionistic terms for
forensic cases. The fact that disfluency features are
generally well-preserved in forensic recordings and
are a complementary source of information about a
speaker makes them a very attractive domain for
further research and application in forensic work.
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(11.8 disfl/min). The overall disfluency rates
presented by the speaker in the four phone calls were
14.2, 15.8, 18.0 and 21.0 disfl/min, i.e. the offender
speech was considerably less disfluent than Suspect
B, and was more similar to Suspect A.
4.3. Case 3

This case centred on a fraudulent phone call in
which a young adult woman disguised her voice to
impersonate an elderly man. The disguise involved
lowering of the larynx, such that many of the
analyses usually undertaken for FSC - such as the
evaluation of formant frequencies, pitch and voice
quality features - were potentially unreliable.
However, although empirical data is not yet
available, one might hypothesise that for certain
types of disguise, disfluency features may be
unaffected. In the case presented here, the suspect
and offender samples yielded similar rates and types
of disfluencies in their TOFFA profiles, as shown in
Figure 3 (although more prolongations were present
in the interview). The extent of consistency of
disfluency profiles across disguised and undisguised
speech is a topic requiring further research.

Figure 3: Case 3 TOFFA disfluency profiles for
the known sample (KS) and questioned (disguised)
sample (QS).

5. DISCUSSION
KS
QS

The quantitative footing now given to the analysis of
disfluency behaviour by TOFFA is an important step
forward, but there is still a long way to go. The three
casework examples
presented
here
show
quantification of interesting disfluency usage, yet
what is missing is population data for TOFFA
profiles to enable the assessment of the typicality of
a particular disfluency profile against the backdrop
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each session at least 30 seconds; intrinsic variability
of speaker state, such as emotion, plus variability of
recording conditions. We followed these
recommendations except for the last one; we wanted
consistently high-quality audio for all recordings.
Other recording conditions can be simulated posthoc.
While we did not want to focus on read speech, we
did want some materials to be spoken by all of the
speakers. It was also desirable to have some material
repeated verbatim by each individual speaker.
Together these conditions allow text-dependent
analysis (in which the phonetic content is controlled)
both within and across speakers.
None of the existing, public English databases that
we are aware of offers the desired combination of a
large number of speakers (male and female), multiple
recording sessions per speaker, multiple speech tasks
per speaker, repeated text, and high quality audio.
Some well-known English databases have too few
speakers (BU Radio News [14], Buckeye Corpus
[15], RedDots Challenge [9]), widely-variable audio
quality across the speakers (Speakers in the Wild
[10]), too few speech tasks (TIMIT [4], Switchboard
[5], GMU Speech Accent Archive [21], Canadian
Maritimes [7]), just one recording session (Intonation
Variation in English [13]), or just one sex (Dynamic
Variability in Speech [12]).
In short, having decided that there is a need for a
new database to fill this gap, we designed and
produced the UCLA Speaker Variability Database.

ABSTRACT
We describe a new speech corpus designed to sample
variability in speaking within individual speakers and
across a large number of speakers. The public version
of the database comprises audio recordings of 201
speakers performing 12 brief speech tasks over three
recording sessions. Most of the tasks are unscripted,
and include a phone call and pet-directed speech. The
recordings have been orthographically transcribed,
and dictionary broad transcriptions have been forcealigned. The database can be downloaded for free.
Keywords: voice quality, speech corpus, phonetic
variation, speaker characteristics
1. INTRODUCTION
Voices vary both within and between speakers. Any
one speaker’s voice varies constantly, so that no
speaker’s voice is fixed, but rather exhibits a
distribution of qualities. But at the same time, each
speaker sounds different from other speakers. It is
often assumed that within-speaker variability is
markedly and reliably less than between-speaker
variability [22, 11, 8], and to the extent this is the
case, automatic speaker discrimination, recognition,
or verification by machine is easier. How can this
assumption be tested? A database of speech samples
that includes extensive variation both within and
between speakers is needed. Here we describe a new
speech database collected for that purpose.

3. DESIGN AND METHODS

2. REQUIREMENTS

3.1. Speakers

Our first requirement was that the speech in the
database be in English, both for our own purposes and
to make the database useful to other researchers
interested in American voices. To provide betweenspeaker variability, the database should include
speech from many (at least 100) speakers, both men
and women. To provide within-speaker variability,
the database should include a variety of speech tasks
that each speaker performs; speakers should not only
read, or not only give an interview or monolog.
Sturim et al. [20], a detailed consideration of issues in
database design for speaker verification research, also
suggest at least two recording sessions per speaker,

The goal was to record 100 men and 100 women,
drawn from the UCLA student population. Reflecting
the demographics of this group, we recorded speakers
with diverse language backgrounds: monolingual
native speakers of American English; bilinguals who
are L1 speakers of American English; L2 speakers of
English (most started English before age 10); and a
few native speakers of other dialects of English. The
speaker breakdowns in the public version of the
database are given in Section 4 below.
On the other hand, our speakers are similar in age
and current university community, such that many
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3.3.3. Instructions task

other potential dimensions of speaker differentiation
have not been incorporated into the database design.
While providing between-speaker variability is a key
goal of the database, too much speaker variability is a
minus, not a plus, because the voices are then too
easily distinguished. We believe that two dimensions
of high variability – here, sex and language
background – is about right.
3.2. Recording conditions

The first unscripted speech task came after the
sentences task in the first recording session.
Participants were prompted to give 30 seconds of
instructions about how to do something, as if to the
research assistant visible outside the sound booth. A
list of possible topics was provided, but participants
could talk about anything they wanted to. This task
generally resulted in fairly clear speech.

3.2.1. Equipment

3.3.4. Conversation report tasks

Recordings were made in a sound-attenuated booth
using a Bruel & Kjaer microphone suspended from a
baseball cap worn by the speaker. Recordings were
direct-to-disk at 22 kHz sampling rate using
PCQuirerX and its hardware.

In each recording session, one task involved
participants recalling and recounting a conversation
they had had in recent days. Participants were asked
to report the dialog of both speakers in the
remembered conversation, in a “s/he said – I said”
(or: “she was like” – “I went”) style. Speech
comprising “reported speech” or “constructed dialog”
can show significant voice quality variation, because
it can re-create multiple voices, and/or because the
speaker conveys information about stance or
evaluation [16, 17, 6]. However, not all of our
speakers fully complied with instructions to repeat the
original dialog, and instead simply described the
conversation’s content.
The conversations recounted in the three recording
sessions had different prompts, intended to encourage
different affects. In the first session, the conversation
was one that the speaker had viewed as unimportant,
not exciting, not upsetting: “neutral”. In the second
session, it was one that had made the speaker really
happy. In the third session, it was one that had really
annoyed the speaker. For each prompt, a list of
example topics was provided, to help jog the
participants’ memories of suitable conversations they
had had. Most speakers produced some degree of
affect difference between the “happy” and “annoyed”
tasks.

3.2.2. Recording sessions
Recordings were made in three sessions on separate
days. The speaker sat in front of a computer screen on
which prompts were presented via Matlab. For some
tasks, printed sheets were available on the table in
front of the speaker, providing suggestions about
what to talk about (see specific tasks below). For
tasks in which participants were asked to speak for 30
seconds, a countdown-bar was shown on the screen.
3.3. Speech tasks

Each recording session comprised four speech tasks,
two repeated across sessions and two unique to each
session.
3.3.1. Vowels task
Each recording session began with the speaker
producing the vowel /ɑ/ (in isolation) three times, 12 seconds per vowel. Thus a total of 9 tokens were
produced across the three sessions. This task was
included to allow for comparisons with an existing
large library of pathological voice samples from our
campus voice clinic.

3.3.5. Phone call task
The last task in the second recording session was a
phone call: participants used their own cell phones to
call an unidentified friend or relative and talk for at
least two minutes. Only our participants’ side of the
conversation was recorded, not via the phone signal,
but directly from the speaker’s mouth, as in all our
other speech tasks. This task generally produced the
most casual speech in the database.

3.3.2. Read sentences task
In each recording session, the next task after the
vowels task was reading five Harvard sentences [3]
twice each in a random order. Thus 10 sentence
tokens were recorded in each session, with a total of
30 tokens across the three sessions. This task was
included to provide repeated text both within and
across recording sessions and across speakers. Read
speech is usually clear speech, though some of our
participants were not fluent readers. This task is the
only reading task in the database.

3.3.6. Pet video task
The last task in the third recording session was
included to elicit a very different speaking style from
all the other tasks: pet-directed speech. Participants
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Forced alignments are of course error-prone.
While the total corpus is too big for manual correction
of all alignments, all outputs have been visually
examined and gross errors (e.g. transcriptions located
in the wrong part of the audio file) have been
corrected. Furthermore, we are in the process of
manually checking and correcting alignments for the
Read Sentences task.

chose to watch an approximately 2-minute video of
either cute kittens or cute puppies (their choice). They
were asked to talk aloud to the pets as they watched
the video.
While infant-directed speech is more-studied than
pet-directed speech, we thought that undergraduate
students are more likely to have produced petdirected than infant-directed speech. Pet-directed
speech is known to show the exaggerated prosody of
infant-directed speech, but with less affect [1]. Many
but not all of our participants did produce pet-directed
speech in this task (for example, speakers’ mean F0s
are much higher in this task than in the Sentences
task); however, some speakers produced relatively
little speech. The phonetic content of the utterances in
this task tended to be very limited, with many
participants saying things like “Oh, so cute!”
repeatedly.
Table 1 at the end of the paper summarizes the
tasks in the database, and gives an estimate of how
much speech each task yielded.

4. RELEASE OF PUBLIC DATABASE
While the full database is available internally to the
UCLA project team for our own research, not all
speakers have consented to public release of their
recordings. The public version of the database
comprises 201 speakers (96 men, 105 women), as
follows:
• 77 (35 men, 42 women) self-reported
monolingual speakers of American English who
sound like native speakers
• 47 (20 men, 27 women) self-reported bilingual
speakers of American English plus some other
language, who sound like native English
speakers
• 77 (41 men, 36 women) self-reported bilinguals
or L2 speakers who do not sound like native
English speakers
This public version of the database will be available
for free download in 2019.

3.4. Transcription and alignment

3.4.1. Orthographic transcription
All audio recordings are accompanied by
transcriptions in the form of Praat textgrids. The
Vowels speech task was manually segmented and
labelled. Otherwise, the corpus is fully
orthographically transcribed at the sentence or
utterance level (intervals delimited by breaks). For
example, one interval in the orthographic textgrid
could contain the transcription “all right so this
weekend i was at cal my best friend goes to cal so i
was staying with her which was really awesome”.
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3.4.2. Automatic forced-alignment
These orthographic transcriptions were used as input
to a forced-alignment program to derive a new Praat
textgrid containing word-level orthographic
transcriptions
plus
segment-level
phoneme
transcriptions. Most of these were obtained using the
University of Pennsylvania P2FA forced-aligner
FAVE [23, 19], but some were obtained using the
Dartmouth DARLA program [18]. Both of these
aligners produce phoneme strings in ARPABET from
dictionary look-up of orthographic words in the CMU
Pronouncing Dictionary [2], which gives lexical
stress, and has multiple pronunciation entries for
some words.
For example, the orthographic word tier could
contain the aligned transcription “CAL”, while the
corresponding phone tier could contain the aligned
ARPABET symbols “K”, “AE1”, “L”.
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Table 1: Summary of the speech tasks and recordings that comprise the new database.

isolated vowels
read sentences

Session A

Session B

Session C

Amount of
speech (total
of 3 sessions)

3 tokens

3 tokens

3 tokens

~10 sec

(3 sec speech)

(3 sec speech)

(3 sec speech)

10 sentences

10 sentences

10 sentences

(~25 sec speech)

(~25 sec speech)

(~25 sec speech)

phonecall

talk to pet video ~145-270 sec

sec speech)

(60-120 sec
speech)

(60-120 sec
speech)

neutral

happy

annoyed

(25-30 sec speech)

(25-30 sec speech)

(25-30 sec
speech)

~75-90 sec
per speaker

~110-180 sec
per speaker

~110-180 sec
per speaker

other speech task instruction
(unscripted)
narrative (25-30
reported
conversations
(unscripted)
TOTAL
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~75 sec

~75-90 sec

~300-450 sec
per speaker

THE EFFECT OF VELOPHARYNGEAL APERTURE ON ACOUSTIC
MEASURES
Marissa Barlaz, Ryan Shosted, Brad Sutton
University of Illinois at Urbana-Champaign
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ABSTRACT
Understanding the relationship between articulation
and acoustics for nasal sounds requires the quantification of oral-nasal coupling, which is not trivial to
directly observe. In this study we utilize ultra-fast
MRI to directly image velopharyngeal opening in
order to calculate the degree of coupling between
the oral and nasal cavities. We utilize recent denoising algorithms in order to utilize the acoustic signal
recorded simultaneously with MR images. Generalized additive models are used to model the nonlinear, time-dynamic relationship between velopharyngeal aperture and acoustic measures. Results
show a direct relationship between degree of oralnasal coupling and first formant bandwidth, frequency, and amplitude, as well as A1 − P0. Applications of non-linear models are promising for understanding the effects of articulatory changes on
acoustic output.

tinguish oral and nasal vowel congeners [17]. However, the use of these measures is not trivial, as it is
often difficult to tease apart oral and nasal formants,
or to detect nasal anti-formants. Recent advances in
ultra-fast magnetic resonance imaging (MRI) technology allow for non-invasive imaging of velopharyngeal opening [7], permitting direct measurements
of oral-nasal coupling [4].
The current study applies MRI on velopharyngeal
opening to a question of phonemic versus phonetic
nasalization. The phonemic inventory of Brazilian Portuguese (BP) includes five phonemic oralnasal vowel pairs /i∼ı̃ e∼ẽ a∼ã o∼õ u∼ũ/ and five
phonemic nasal vowels [1], as well as phonetically
nasalized vowels (defined as an oral vowel that undergoes coarticulatory nasalization due to the presence of a heterosyllabic adjacent nasal consonant).
Members of each oral/nasal vowel pair have been
shown to manifest different oropharyngeal articulations. Comparatively, nasalized vowels show more
variation in articulatory configuration, compared to
their nasal counterparts [2].
The current study also applies recently-developed
noise-cancelling technology to the acoustics
recorded in the MR scanner, which are inherently
noisy and therefore difficult to use in spectral
analysis. The use of the simultaneously-acquired
acoustics allows direct comparison between
articulatory configuration and acoustic output.
The aim of this study is to analyze the temporal aspects of oral-nasal coupling and their effect on
acoustic measures. This will give further insight into
how the phonological difference between nasal and
nasalized vowels is manifested in phonetic outputs.
Furthermore, the use of generalized additive mixed
models (GAMMs) allows for understanding timedynamic differences in velopharyngeal opening, and
how these differences affect acoustic outputs, particularly the properties of the first formant.

Keywords: velopharyngeal opening, nasality,
Brazilian Portuguese, MRI
1. INTRODUCTION
The production of nasal sounds occurs when the
velopharyngeal port opens due to velar lowering.
This effectively couples the oropharnygeal and nasal
cavities, which increases the area of the sound filter. Overall sound pressure radiating from the vocal tract is reduced, and formant bandwidths tend to
widen [16]. These effects are clearly seen on the first
formant (around 200 − 800 Hz, depending on vowel
quality and speaker), and generally result in F1 centralization. That is, F1 lowers for low nasal vowels and raises for high nasal vowels, with respect to
their oral congeners [5, 6, 8, 15]. The effect of nasalization on F1 is determined based on the degree of
velopharyneal opening [5], in addition to oropharyngeal articulatory differences [2].
Quantification of oral-nasal coupling is a difficult
task, due to the many degrees of freedom in nasal
sound production. Acoustic measures such as A1 −
P0 (the difference between the first formant and the
first nasal formant’s amplitudes), F1 bandwidth, and
spectral tilt have been shown to most accurately dis-

2. METHODS
Data was collected from 8 male speakers and 5 female speakers of BP who were born and raised in
the states of Minas Gerais and São Paulo in southeastern Brazil. The data used here are part of a
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larger study on nasalization [2]. Due to timing
constraints, only oral, nasal, and nasalized variants
of /a, i, u/ were recorded. Target vowels were in
the second, stressed syllable of a trisyllabic word,
surrounded by consonants in the phonetic environment [LABIAL]___[ALVEOLAR]. Target words were
placed in the carrier phrase digo X duas vezes “I
said X two times.” Phrases were presented in a
randomized order in the 3 T Siemens Trio MRI
scanner at the Beckman Institute for Advanced Science and Technology, at the University of Illinois at
Urbana-Champaign. Participants lay in supine position in the scanner and repeated each phrase at a
normal rate, speaking until the noise of the scanner ceased.(Note that [11] find no significant differences in velar size, shape, or setting between supine
and upright position.) Each recording was approximately 90 seconds long. The acoustic signal was
recorded using a MR-compatible headset with an
attached optical microphone worn by participants
(Dual Channel-FOMRI, Optoacoustics, Or Yehuda,
Israel). Due to different speaking rates, an unequal
number of tokens was collected for each speaker and
lexical item (range 23–48).
Images were reconstructed using the Partial Separability model [12, 22] in Matlab 2012a [10]. A
single image taken in an oblique orientation, which
captured the velopharyngeal opening, was used for
this study. Temporal resolution is 25 frames per second. The image resolution is 128 × 128 voxels, and
the resolution of each voxel is 2.2 mm × 2.2 mm ×
6.5 mm (through-plane depth).
MR images were converted to black and white
using the im2bw function in MATLAB [10], at a
pixel intensity threshold of 0.2. A region of interest
(ROI) was selected around the velopharyngeal opening. Figure 1 shows an example MR image and its
respective ROI. The number of black pixels was divided by the total number of pixels in the ROI, to
give an open proportion (OP) within the ROI. Range
of OP is 0–1, where 0 is totally closed (i.e., the ROI
is full of tissue) and 1 is totally open (i.e., no tissue
in the ROI). OP was extracted for each image within
the duration of the target vowels, based on manual segmentation of simultaneously-recorded acoustic files in Praat [3]. No difference was observed in
the range of OP due to different speaking rates.
The acoustic recordings were post-processed
through a noise-reducing algorithm, which utilized
dictionary learning and wavelet analysis techniques
for audio enhancement [19]. Acoustic values including A1 − P0 (the difference in amplitude between
the F1 and the first nasal peak), F1 frequency, bandwidth, and amplitude were extracted from the en-

Figure 1: Oblique slice taken through the
velopharyngeal opening, with the ROI highlighted.

hanced acoustic recordings, as these measures have
been shown to be highly sensitive to changes due
to nasalization. Ten points were taken in timenormalized intervals from the vowel’s duration in
Praat [3] using a series of scripts [17]. For a full
acoustic/articulatory model, F1 was downsampled to
match the number of data points in the OP analysis.
The time-dynamic trajectories of A1 − P0, F1
frequency, bandwidth, and amplitude, and OP
were plotted using smoothing spline ANOVA
(SSANOVA), implemented in the gss package [9] in
R [14] and compared across vowel and nasality conditions. GAMMs were used to determine the effect of velopharyngeal OP as a predictor of change
in F1. Separate GAMMs were made for F1 frequency, bandwidth, and amplitude. Vowel quality
and nasality were predictor variables, included as
tensor smooth interactions with OP and normalized
time. Speaker ID was included as a random factor
smooth. The GAMMs were implemented using the
mgcv R package [21], and visualized using the itsadug package [18].
3. RESULTS
Inspection of SSANOVA plots reveals expected results. F1 frequency tended to be centralized for
nasal vowels. Specifically, F1 of /ã/ was significantly lower than that of /a/, and F1 of /ı̃/ and /ũ/
were higher than F1 of /i/ and /u/, respectively. In regards to the nasalized vowels, F1 trajectories tended
toward an intermediate position between the oral
and nasal vowels. Nasalized /a/ and /u/ tended to be
more similar to their phonemic nasal counterparts,
whereas nasalized /i/ was more similar to its oral
counterpart. This is in line with reports of nasalization in BP based on high-fidelity recordings [2].
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F1 bandwidth of the nasal vowels was overall
higher than that of oral vowels, which is an expected
result of nasalization. In general, the nasalized vowels showed bandwidth values similar to those of
nasal vowels, though there was considerable individual variation in the patterning of nasalized vowels.
F1 amplitude of the nasal vowels was overall
lower than that of the oral vowels. This is another expected result of nasalization. Once again,
the nasalized vowels tended to show similar amplitudes to the nasal vowels. The most robust difference was for the vowel category /a/, which showed
differences of up to 50% of the amplitude range, between the oral and nasal vowels, with the nasalized
vowels showing similar ranges to the nasal vowels.
OP plots show that the oral vowels had the
smallest amount of velopharyngeal opening across
vowel categories. Unsurprisingly, nasal vowels
showed the highest amount of velopharyngeal opening. Nasalized vowels showed intermediate amounts
of velopharyngeal opening, though they tended to
show similar OP values as nasal vowels, especially
in the second half of their normalized durations.
Results of the GAMMs used to analyze differences in acoustic measures based on differences in
vowel quality, nasality, and velopharyngeal opening
are found in Table 1. For all GAMMs, there were
main and interaction effects of vowel and nasality
condition on the acoustic measures. For the tensor
interactions between time and OP, effective degrees
of freedom (EDF) were generally higher than 1, indicating a non-linear relationship between the variables and thus validating the use of GAMM for this
analysis (see [20] for an extended discussion).
Visualizations of effects showed large differences
for the acoustic measures. In regards to A1 − P0,
differences of up to 10 dB were observed between
nasal and oral vowels across time. These differences
were largest in magnitude for the vowel /a/. Differences between nasal and nasalized vowels were
much lower in magnitude, and only reach a maximum difference of 5 dB (again, for the vowel /a/).
For the nasalized-nasal difference, all three vowels
showed significant differences after the first 25% of
the vowels’ durations, but not in the first quarter of
their duration. Visualization of the dynamic effects
of OP revealed that as OP increases, the distinctions between the nasality conditions became much
greater, indicated by darker gray shading in contour
plots. Figure 2 illustrates the relationship between
time and OP on A1 − P0, between nasal and oral /a/.
In regards to F1 frequency, differences mirror
those seen in the SSANOVA. Differences between
oral and nasal vowels are robust across time, espe-

Figure 2: Relationship between oral and nasal
vowels for A1 − P0, across the range of OP and
time.

cially for /a/, which shows average differences of
150 Hz between oral and nasal counterparts. This
difference is seen across the entire vowel duration.
The difference between nasal and nasalized /a/ is
much smaller than that of the nasalized and oral /a/.
For /i/ and /u/, the differences between nasality conditions are much smaller, with nasal vowels showing
slightly higher F1 frequencies, and nasalized vowels
patterning more similarly to oral vowels for /i/, and
similar to nasal vowels for /u/. As OP increases, distinctions between the nasality conditions increases.
F1 bandwidth was generally much higher for all
vowels in the nasal condition, compared to the oral
condition. Nasalized vowels tended to be more similar to nasal vowels. Increases in OP in the model led
to much wider bandwidths, of up to 1000 Hz. For
the majority of speakers, differences between oral
and nasal vowel formant bandwidths were between
300 − 400 Hz, and the difference between nasal and
nasalized vowels was approximately 100 Hz.
F1 amplitude was generally much higher for oral
vowels than for nasal and nasalized vowels. For
some speakers, as OP increased, amplitude measures decreased across vowel and nasality qualities. For all speakers, variance in predicted values tended to increase (i.e., confidence intervals increased in size), indicating greater variability in amplitude measure prediction for higher OP values.
4. DISCUSSION
The results of this study show systematic differences
between nasal and oral vowels. In general, F1 am-
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A1 − P0
(Intercept)
−1.19(1.61)
/i/
−6.94(0.23)∗∗∗
/u/
−5.02(0.24)∗∗∗
nasalized
2.24(0.22)∗∗∗
oral
7.49(0.22)∗∗∗
/i/:nasalized
−0.15(0.32)
/u/:nasalized
−0.70(0.32)∗
/i/:oral
−4.48(0.32)∗∗∗
/u/:oral
−4.92(0.33)∗∗∗
EDF: (Time,OP): nasal
4.46(4.50)∗∗∗
EDF: (Time,OP): nasalized
4.20(4.45)∗∗∗
EDF: (Time,OP): oral
7.47(7.50)∗∗∗
EDF: (Time,OP): /a/
6.57(7.20)∗∗∗
EDF: (Time,OP): /i/
2.50(2.50)
EDF: (Time,OP): /u/
7.25(7.47)∗∗∗
EDF: s(RepNo)
0.00(1.00)
EDF: s(Speaker)
5.84(12.00)∗∗∗
EDF: s(Speaker,Time)
100.89(108.00)∗∗
Deviance
977577.73
Deviance explained
0.42
Dispersion
50.72
R2
0.41
Num. obs.
19421
Num. smooth terms
9
∗∗∗ p < 0.001, ∗∗ p < 0.01, ∗ p < 0.05

F1 Frequency
556.68(27.87)∗∗∗
−29.67(8.28)∗∗∗
−32.86(8.30)∗∗∗
22.90(7.84)∗∗
104.15(7.65)∗∗∗
−76.62(11.26)∗∗∗
−24.28(11.33)∗
−199.65(11.23)∗∗∗
−144.82(11.30)∗∗∗
3.89(4.29)∗∗∗
7.26(7.47)∗∗∗
3.82(4.15)∗∗
3.47(3.72)∗
6.33(6.86)∗∗∗
4.05(4.28)∗∗∗
0.80(1.00)∗
5.93(12.00)∗∗∗
59.76(108.00)∗
1220336440.86
0.19
63175.23
0.18
19421
9

F1 Bandwidth
425.36(21.21)∗∗∗
160.04(10.04)∗∗∗
52.83(10.20)∗∗∗
−20.53(9.59)∗
−128.35(9.41)∗∗∗
60.65(13.64)∗∗∗
−7.77(13.88)
85.52(13.76)∗∗∗
105.90(14.02)∗∗∗
2.50(2.50)∗∗
2.50(2.50)∗
7.35(7.49)∗∗∗
6.40(6.85)∗∗∗
4.23(4.36)∗∗
5.95(6.43)∗∗∗
0.85(1.00)∗∗
5.73(12.00)∗∗∗
81.40(108.00)∗∗∗
1821205843.50
0.25
94387.05
0.24
19421
9

F1 Amplitude
24.19(2.36)∗∗∗
−8.84(0.37)∗∗∗
−6.64(0.38)∗∗∗
2.30(0.35)∗∗∗
6.56(0.35)∗∗∗
1.27(0.50)∗
4.18(0.51)∗∗∗
1.57(0.51)∗∗
−0.57(0.52)
7.22(7.47)∗∗∗
4.46(4.50)∗∗∗
6.63(7.23)∗∗∗
4.50(4.50)∗∗∗
4.50(4.50)∗∗∗
3.83(4.64)
0.49(1.00)
5.97(12.00)∗∗∗
99.75(108.00)∗∗
2434215.50
0.54
126.29
0.54
19421
9

Table 1: Results of GAMMs with A1 − P0, F1 frequency, bandwidth, and amplitude values as dependent variables,
and nasality, vowel quality, velopharyngeal opening, and time as predictor variables. Effective degrees of freedom
(EDF) are given for each smooth term, with EDF above 1 indicating a nonlinear relationship between variables.

plitude and A1 − P0 is smaller for nasal vowels compared to oral vowels, whereas formant bandwidth is
higher for nasal vowels compared to oral counterparts. F1 frequency of nasal vowels shows patterns
of centralization of the vowel space—F1 raises for
high nasal vowels and lowers for low nasal vowels, compared to their oral counterparts. These effects are in line with those expected of nasalization.
Nasalized vowels tended to be more similar to oral
vowels for /i/, and similar to nasal vowels for /a/ and
/u/. Formant frequency data is in line with previous
research on BP nasalization [2].
The study of acoustic parameters beyond formant frequency allows a deeper understanding of
the direct impact of oral-nasal coupling on acoustics. Formant frequencies, especially F1, are modulated by oropharyngeal articulation in addition to
velopharyngeal opening. Previous work shows that
BP speakers modulate oropharyngeal position to enhance the acoustic effects of velopharyngeal coupling in nasal vowels. For example, speakers lower
the tongue in production of /ũ/ and /ı̃/ and raise the
tongue for /ã/, in comparison to their oral counterparts. These lingual movements have the effect of
centralization on F1 frequency. It is therefore difficult to tease apart the effects on F1 that are due
to velopharyngeal positioning from those effects of
oropharyngeal modulation.
Analysis of formant bandwidth and amplitude,
which are related to velopharyngeal coupling, al-

lows for a direct comparison between articulation
and acoustics. Results show formant bandwidth and
OP are positively correlated, and as OP increases,
there is more variability in bandwidth ranges. In
addition, amplitude of nasal vowels is lower than
that of oral vowels. The results show vowel-specific
patterns for the relationship of nasalized vowels to
their oral and nasal counterparts. A1 − P0 is much
higher for oral vowels than nasal vowels across the
vowel qualities, and its magnitude increases as OP
increases. In addition, the results regarding the measure A1 − P0 confirm that this measure can be used
as an acoustic parameter related to the degree of
physiological nasalization.
The successful denoising of the acoustics
recorded in the MR scanner will also allow for
direct comparisons between acoustics and articulatory configuration. While the analysis of denoised
acoustics produced some results with high variability, particularly for formant bandwidth, continued
improvement of these signal processing methods
will better facilitate direct comparisons of acoustic
and image-based physiological signals. This will
help researchers make progress towards solving the
many-to-one problem of phonetics [13], and will
open the doors for many further research questions
to be explored.
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While the symbols /ɛ,̃ œ̃, ɑ̃, ɔ̃/ are conventionally
used to represent the French nasal vowels, their
contemporary phonetic qualities generally differ
somewhat from those implied by these symbols. In
Northern Metropolitan French (NMF), for instance, a
chain shift is taking place, whereby /ɛ/̃ (already a
more open [æ̃], [27]) retracts towards /ɑ̃/, /ɑ̃/ raises
and rounds towards /ɔ̃/, and /ɔ̃/ in turn raises and
further rounds to (auditory) [õ] [13]. As a result, the
acoustic qualities of the vowels /ɛ̃, ɑ̃, ɔ̃/ in NMF are
now documented to be [ɐ̃, ɔ̞ ,̃ o̝ ̃], respectively [3].

ABSTRACT
This paper investigates, via acoustic analysis, the
realisation of nasal vowels in New Caledonian
French. Formant and durational results for six
speakers confirm the previously-described merger of
/ɛ,̃ œ̃/ in the variety, and also indicate some
neutralisation of /ɑ̃, ɔ̃/ – although this is less complete
than has previously been suggested. Further, some
interspeaker variation is noted with respect to the
degree of spectral distinctness maintained between
both /ɛ,̃ œ̃/ and /ɑ̃, ɔ/̃ . In terms of their phonetic
qualities, /ɛ,̃ œ̃/ are typically realised as central and
near-open (i.e. [ɐ̃]), while the back vowels /ɑ̃, ɔ̃/ have
average qualities of [ɔ̝, o̞]. These findings contribute
to our understanding of this under-described variety.

1.2. Nasal vowels in NCF

Past descriptions of NCF phonology (e.g. [15, 23])
have documented a reduction in the variety’s nasal
vowel system relative to that of Reference French,
such that it contains only two phonemes: one front
and one back. In addition to the (cross-varietally
common) merger of /ɛ/̃ and /œ̃/, this comprises a
merger of the back vowels /ɑ̃/ and /ɔ̃/. Hollyman [15]
suggests that this involves a loss of the more open
phoneme, /ɑ̃/. Pauleau [23, 24] instead describes
frequent confusion of the two phonemes in NCF, in
both directions (i.e. /ɑ̃/ realised [ɔ̃], and /ɔ̃/ realised
[ɑ̃]). She notes that this is a stereotypical feature of
the local accent.
Very little description exists as to the specific
phonetic qualities of NCF nasal vowels. Pauleau [23]
reports that the front vowel /ɛ/̃ is realised with an
auditory quality of [æ̃] in the variety; at the same time,
the formant values she lists for an illustrative example
of this vowel are similar to those listed for the oral
vowel [a] (as produced by the same speaker of NCF
profiled in her study). No detail is known regarding
the exact phonetic qualities of the back vowels /ɑ̃, ɔ̃/,
beyond their frequent confusion in the variety.

Keywords: French, New Caledonia, nasal vowels,
acoustic phonetics, phonetic variation
1. INTRODUCTION
New Caledonia is a special collectivity of France,
located in the south-west Pacific. New Caledonian
French (NCF) remains an under-described regional
variety. Previous (predominantly impressionistic)
descriptions of NCF phonology have highlighted
nasal vowel realisation as a point of difference
between NCF and other regional varieties of French.
1.1. French nasal vowels

The nasal vowel system of Reference French
comprises three-to-four nasal vowel phonemes: /ɛ̃,
(œ̃), ɑ̃, ɔ/̃ (as in e.g. bain, un, banc, bon) [10]. The
phoneme /œ̃/ has merged with /ɛ/̃ in many varieties of
French, including those spoken across much of
metropolitan France [27]. The same merger is also
underway, although less advanced, in Belgian and
Swiss varieties [8, 26]. By contrast, in the south of
France, and in francophone Canada, all four
phonemes are usually retained [9].
The contrast between the two back vowels, /ɑ̃, ɔ̃/,
has also been documented to sometimes be
neutralised in production in some varieties [5, 6, 7]
(and by French children [19]). This is less common
than /ɛ̃, œ̃/ merger, however, most likely due to the
higher functional load of this contrast (e.g. [12]).

2. AIMS
In light of the claims outlined in previous work on
NCF, as well as changes over time observed for
French nasal vowels more generally, the current study
aims to investigate the realisation of nasal vowels in
NCF, specifically:
• Are the contrasts /ɛ,̃ œ̃/ and /ɑ̃, ɔ/̃ maintained
by NCF speakers?
• What are the acoustic phonetic qualities of the
nasal vowels in NCF?
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realisation in NCF [17], the close-mid vowels /e, ø, o/
were instead elicited in open-syllables (i.e. /pV/).

3. METHOD
3.1. Speakers

3.3. Analysis

Six speakers of NCF (3 F, 3 M) were recorded for this
experiment. All were students at the Université de la
Nouvelle-Calédonie (UNC) and aged 18 – 20 years at
the time of recording. All speakers were born and
completed all schooling in New Caledonia. French
was the first language of five of the six speakers. The
sixth speaker spoke Nengone, an indigenous kanak
language, as her L1 and acquired French from schoolage. Another of the six participants was bilingual in
Javanese, and one further speaker reported receptive
knowledge of the kanak language Paicî.

Using Praat [2], the vowels of interest were manually
segmented, and annotated according to their
phonemic identity in Reference French. Alongside
vowel onsets and offsets, formant steady states were
manually identified for each token.
In response to the challenges posed by spectral
analysis of nasal vowels (e.g. [20]), extraction of
formant data was carried out using a semi- (rather
than fully-) automatic Praat script [22]. This allowed
formant tracking to be visually inspected for each
vowel token prior to its extraction; settings were then
adjusted, and formants re-tracked, where necessary.
Frequencies of the first two formants were extracted
at the midpoint of the annotated formant steady states.
While potentially relevant to the contrasts of interest,
F3 was not included in this analysis, as this formant
is known to be severely affected by nasalisation [8].
Formant data was speaker-normalised [18] with
rescaling to Hz values, using the norm() function in
the R package emuR [29]. Vowel duration was also
extracted, using a separate Praat script [14]. Analysis
and plotting were then carried out in R [25, 28].
Linear mixed-effects models (LMEMs) were used
to assess the relationship between the main effect
PHONEME (/ɛ,̃ œ̃, ɑ̃, ɔ/̃ ) and the dependent variables
F1, F2, duration. The R packages lme4 [1] and
lmerTest [16] were used for model construction and
selection, respectively.1 Bonferroni corrected posthoc comparisons were then run to compare individual
pairs of phonemes. Pillai scores [11] were also
calculated to quantify, for each of the six speakers,
the degree of distinctness in F1~ F2 distribution for
each vowel pair (i.e. /ɛ/̃ vs. /œ̃/ and /ɑ̃/ vs. /ɔ̃/).

3.2. Stimuli & recording procedure

Recordings took place in an unused meeting room at
the UNC, using a Zoom H4N portable recording
device (sampling rate 44.1kHz/16-bit) and an
AudioTechnica AT892c ear-mounted microphone.
Elicitation materials were presented to speakers as a
PowerPoint presentation, displayed on a laptop
computer. Lexical items containing the four possible
nasal vowel phonemes were elicited in a frame (Je dis
__ parfois), then in citation form immediately
afterwards. This occurred four times per item, in
random order, resulting in 8 tokens per word (4
phrase-medially, 4 in citation form). Target words for
this experiment were primarily monosyllables of the
form /CṼ/ (where C = /p, b, t/). The phonemes /ɛ̃, ɑ̃,
ɔ̃/ were all elicited in this context. Due to its very low
frequency of occurrence in French [12], /œ̃/ was
elicited only in the item un (i.e. without an onset).
For the phonemes /ɛ,̃ œ̃/, an inadequate number of
tokens were elicited during the above elicitation task.
Citation form tokens (3 repetitions/speaker) of the
minimal pair brin-brun, recorded in a separate wordlist task during the same recording sessions, were
therefore added to the dataset. This resulted in a total
of 468 nasal vowel tokens across the experiment (144
each for /ɑ̃, ɔ/̃ , 114 for /ɛ/̃ , 66 for /œ̃/).
Phoneme
/ɑ̃/
/ɔ̃/
/ɛ/̃
/œ̃/

4. RESULTS
4.1. Formant characteristics

Figure 1 presents an ellipse plot indicating the
distribution of each phoneme in the normalised
F1~F2 space (all speakers’ data are plotted together
here, due to the statistical non-significance of gender
as a fixed effect on both F1 and F2). For each vowel,
the mean F1 and F2 values are represented via the
placement of the relevant IPA symbol; these mean
values, and standard deviations, are also provided in
Table 2. Ellipses represent the distribution of tokens
for each phoneme (95% CIs, 2 SDs). The point
vowels /i, a, u/ appear as dark grey ellipses, and the
remaining oral vowels as light grey ones. The nasal
vowels appear as ellipse outlines of varying colours
and line types.

Lexical items
pan, banc, temps
pont, bond, ton
pain, bain; brin (WL)
un; brun (WL)

Table 1: Lexical items elicited for nasal vowels
(WL indicates items added from word-list task)

For comparison purposes, the oral vowels /i, e, ɛ,
y, ø, œ, a, ɔ, o, u/ were also elicited, in real or
nonsense words of the form /pVp/ (8 tokens/speaker);
due to the effects of syllable type on mid vowel
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4.2. Duration

Table 3 presents average durations and standard
deviations for the nasal vowels /ɛ̃, œ̃, ɑ̃, ɔ̃/. Statistical
analysis indicates that PHONEME is not a significant
predictor of nasal vowel duration (χ²(3)=1.02, p=0.8).
Phoneme
/ɛ/̃
/œ̃/
/ɑ̃/
/ɔ̃/

Duration (ms)
156
156
151
149

(sd)
(28)
(26)
(31)
(35)

Table 3: Nasal vowels’ mean durations
Figure 1: NCF speakers’ nasal & oral vowel
distributions in the normalised F1~F2 space

4.3. Interspeaker variation

The LMEMs best fitting this experiment’s data
suggest that individual speakers respond differently
to the fixed effect PHONEME (by-speaker random
slopes for the effect of PHONEME appear in all models
selected by step()). Pillai scores were therefore
calculated to assess the degree of distinctness
between /ɛ,̃ œ̃/ and /ɑ̃, ɔ̃/ in each speaker’s
productions. Table 4 presents these scores: figures
closer to zero indicate more likely merger between
the two compared vowel categories, while figures
closer to one suggest that the categories are more
distinct for the relevant speaker.

The orange (solid) and purple (dashed) ellipses
representing /ɛ̃/ and /œ̃/ overlap entirely, indicating
that these two vowel categories are realised with the
same F1 and F2 frequencies. This is also reflected in
the near-identical mean F1 and F2 values seen for
these vowels in Table 2. As anticipated, PHONEME
has a significant main effect on the frequency of both
formants (F1: χ²(3)=15.69, p=0.001; F2: χ²(3)=19.7,
p=0.0002). However, post-hoc comparisons confirm
that there is no significant difference between /ɛ̃/ and
/œ̃/ in either F1 or F2 frequency. Both vowels have an
average quality of approximately [ɐ̃], but vary in F1,
such that some tokens are realised as (central) [ã].
Phoneme
/ɛ/̃
/œ̃/
/ɑ̃/
/ɔ̃/

F1 (sd)
698 (64)
692 (83)
509 (72)
467 (70)

Speaker
AD
BB
EK
JV
QM
YT

F2 (sd)
1482 (128)
1471 (113)
860 (115)
794 (108)

Table 2: Nasal vowels’ mean F1 & F2 values

/ɛ,̃ œ̃/
0.03
0.21
0.09
0.09
0.55
0.02

/ɑ̃, ɔ̃/
0.16
0.02
0.07
0.17
0.49
0.32

Table 4: Pillai scores for individual speakers’
productions of /ɛ̃/ vs. /œ̃/ and /ɑ̃/ vs. /ɔ̃/

The back vowels /ɑ̃, ɔ̃/, represented by the pink
(dotted) and green (long-dashed) ellipses, also display
considerable – but less complete – overlap in the
F1~F2 space. The distribution of /ɑ̃/ extends slightly
lower and further left (i.e. higher in both F1 and F2)
than that of /ɔ̃/. Post-hoc comparisons for this pair
reveal no significant difference in F2 frequency.
There is, however, a significant (albeit relatively
small) difference in F1: /ɑ̃/ is an estimated 40 ± 9 Hz
higher in F1 than /ɔ̃/. In terms of their acoustic
phonetic qualities, /ɑ̃/ and /ɔ̃/ have very similar
average qualities of (backed) [ɔ̝]̃ and [õ̞], respectively.
Both phonemes can be observed to vary to some
extent in height (F1): /ɑ̃/ ranges from [ɔ̞̃] to [õ], while
/ɔ̃/ ranges from [ɔ̃] to [õ] or even [ũ].

(Male) speaker QM’s scores for both contrasts are
substantially higher than for all other speakers (0.55
for /ɛ,̃ œ̃/, 0.49 for /ɑ̃, ɔ̃/), indicating that these vowel
pairs are both kept somewhat distinct for this speaker.
This is also apparent in an individual vowel plot for
QM (Figure 2) in which /œ̃/ occupies a slightly higher
position in the vowel space (i.e. lower F1) than /ɛ̃/,
and /ɑ̃/ is generally higher in both F1 and F2 than /ɔ̃/.
As a point of comparison, a vowel plot is also
provided for (female) speaker AD (Figure 3), whose
Pillai scores are among the lowest for both contrasts
(0.03 for /ɛ̃, œ̃/, 0.16 for /ɑ̃, ɔ̃/). Accordingly, this
speaker’s vowel plot displays a much higher degree
of overlap between the ellipses of /ɛ̃, œ̃/ and /ɑ̃, ɔ̃/; the
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production in less controlled speech styles is
necessary to ascertain whether this is the case.
Nasal vowel production in NCF is, further, found
to be subject to interspeaker variation: some speakers
maintain more acoustic contrast between /ɑ̃, ɔ̃/ and /ɛ,̃
œ̃/ than others. While Pillai scores are typically low
for both contrasts, one speaker – QM – has overlap
levels of only ~50% for each contrast. This speaker is
one of two in this sample with a parent originating
from metropolitan France (and therefore likely to
maintain contrast between /ɑ̃, ɔ̃/, although not
necessarily /ɛ̃, œ̃/). It is unclear whether this may have
influenced his production of these vowels, or whether
this is perhaps an effect of the read speech style.
In terms of the phonetic qualities of nasal vowels
in NCF, the “front” vowel(s) /ɛ,̃ (œ̃)/ might more
accurately be described as “central” in NCF, with an
average quality of approximately [ɐ̃], and a
distribution ranging from [ɐ̃] to (central) [ã].
However, these vowels’ position in the front-back
axis is further forward than that observed for /ɛ̃/ in
NMF, another variety for which the notation [ɐ̃] has
been proposed [3]. This difference is also potentially
understated here, given that some of the lexical items
elicited for /ɛ̃, œ̃/ in the present study contained a
contiguous /ʁ/, a context likely to lower F2 frequency
[21]. NCF /ɛ̃/ does not, however, appear to be realised
as far forward as is documented for Belgian speakers,
for whom the same vowel is realised [æ̃] [8].
The NCF back vowels /ɑ̃, ɔ/̃ are relatively similar
in backness to their NMF counterparts (i.e. similar F2
values to /o, u/) but diverge somewhat in their heights.
NCF /ɑ̃/ is typically realised [ɔ̝̃], slightly higher than
its NMF equivalent [ɔ̞ ]̃ (and considerably higher than
Belgian French [ɑ̃ - ɒ̃]) [3, 8]. /ɔ̃/, on the other hand,
occupies a more open position than the same vowel
in NMF: typically [õ̞] rather than [õ̝]. Both /ɑ̃/ and /ɔ̃/
vary substantially in F1 in the combined speaker data,
however, such that their distributions both span the
open-mid and close-mid regions of the (back) vowel
space. This variability may reflect further
interspeaker variation in NCF nasal vowel realisation.
The findings yielded by this experiment contribute
to our understanding of the phonetics and phonology
of NCF, which remains an understudied regional
variety. The present study is, of course, limited in its
small sample size. Further work analysing more data
from a larger number of NCF speakers is therefore
needed to confirm the tendencies observed here.
Given the known limitations of acoustic analysis in
providing information about nasal vowel articulation
(e.g. [4]), future articulatory studies of NCF nasal
vowels are also necessary, in order to determine how
the reported acoustic qualities are achieved by
speakers of the variety.

front vowels occupy the same position in the F1~F2
space, while her back vowels differ only slightly in
height (but share most of their distribution).

Figure 2: Individual F1~F2 plot for speaker QM

Figure 3: Individual F1~F2 plot for speaker AD

5. DISCUSSION & CONCLUSIONS
Acoustic investigation of nasal vowel production in
NCF confirms that there is, overall, a merger of the
front vowels /ɛ̃, œ̃/, as previously described for the
variety [15, 23] and documented for many other
contemporary varieties of French. Results also
provide some evidence for the anticipated merger of
the back vowels /ɑ̃, ɔ̃/ in NCF; however, although
these vowels overlap much more in the acoustic space
than they do in e.g. NMF [3], a small but significant
difference in F1 was located between this pair. It is
unknown to what extent, if at all, this difference is
exploited by speakers/listeners of NCF – a perception
experiment would certainly help to elucidate this. It is
also possible that the salience of this merger as a
stereotypical feature of NCF [24] leads speakers to
consciously maintain some contrast in such careful
speech. Future investigation of nasal vowel
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The final models selected by step() were:
F1 / F2 ~ PHONEME + CONTEXT + PRECEDING CONSONANT
+ DURATION + (PHONEME | SPEAKER);
DURATION ~ PRECEDING CONSONANT + (PHONEME +
.CONTEXT | SPEAKER)
(where “context” = phrase-medial or citation form).

NASAL COARTICULATION IN L1 AND L2 ENGLISH SPEECH: A
LARGE-SCALE STUDY
Jiahong Yuan, Hui Lin, Yang Liu
LAIX Inc.
ABSTRACT

to lower or raise the velum. Many acoustic parameters have been found to be related to nasalization,
including a reduction in the amplitude of the first
formant (A1) [14]; the relationship between A1 and
the amplitude of the first harmonic (H1) [16]; nasal
poles, one below the first formant (P0) and the other
above the first formant (P1) [21]; the difference between A1 and P0, and the difference between A1 and
P1 [5]; nasal pole-zero pairs in the vicinity of the
first formant [10, 13]; and a low-frequency center of
gravity [2]. As this large number of relevant acoustic parameters suggests, the acoustic consequences
of nasalization are very complex. Furthermore, the
degree of vowel nasalization as a coarticulatory process has also been found to be related to a wide
range of factors such as vowel height [1, 3, 12, 24],
phonetic context [4], non-segmental factors such as
stress, prosody, and speaking rate [6, 20], as well as
speaker and language characteristics [7, 11, 29]. It
is, therefore, desirable to investigate nasalization using large speech corpora, with an automatic measure
of nasality.
In this study, we are interested in two aspects
of nasal coarticulation: the effect of lexical stress
and the difference between L1 and L2 English.
With regard to how stress affects vowel nasalization,
there were contradictory results in the literature.
Some claimed that stressed vowels appeared more
nasalized by coarticulation than non-stress vowels
[19, 23], while others claimed that vowels resist
nasalization under stress or focus [6, 28]. Also, languages differ in terms of not only the phonemic or
allophonic status of vowel nasality [9], but also how
vowel nasalization is realized [7, 26]. Some studies have suggested that coarticulatory vowel nasalization is under speaker control, and fine-tuned in
language-specific ways [17]. We believe that analyzing large speech corpora may help to answer
these questions.

We investigated nasal coarticulation in English produced by native English and Mandarin speakers,
based on hundreds of hours of speech. A novel
method was proposed to measure nasality, using
softmax-based features from deep neural network
models for broad phonetic classes. Segment durations were calculated from the results of forced
alignment. Our analysis revealed that vowel stress
tends to “block" the regressive influence of the following nasal coda, leading to less nasality in stressed
vowels compared to unstressed ones. In addition,
there was a positive correlation between the duration of vowels and nasal codas in L1 English, but a
weak negative correlation in L2 English speech.
Keywords: Nasalization, Stress, L2, Large-scale
1. INTRODUCTION
Nasals and vowel nasalization have been extensively
studied, mostly based on small amounts of articulatory, aerodynamic, acoustic, or perceptual data collected through controlled stimuli in laboratory settings. In recent years, phonetics research has started
to take advantage of large speech corpora, however,
very few studies have attempted to investigate nasals
and vowel nasalization from this perspective, largely
due to the lack of techniques for automatic measurement of nasality in the speech signal. In this
paper, we developed a new method for measuring
the degree of nasality automatically. With the new
method, together with the widely used forced alignment technique, we conducted a study of nasal coarticulation in English produced by native English and
Mandarin speakers, based on two large datasets of
hundreds of hours of speech.
In speech production, a nasal consonant is made
when the velum is lowered and at the same time
there is a closure in the oral cavity, forcing air
through the nasal passages. Vowel nasalization is the
production of a vowel while the velum is lowered, so
that the nasal cavities are coupled into the vocal-tract
resonance system. Vowels are necessarily nasalized
to some extent preceding or following a nasal consonant due to coarticulation, because it takes time

2. DATA AND SEGMENTATION
The data used in this study consisted of read sentences in English and were collected through an
English-learning mobile app. Two sets of speech
data were used, one from native American English
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speakers (L1) and the other from Mandarin Chinese
speakers (L2). The L1 dataset contained approximately half a million utterances and 500 hours of
speech. The L2 dataset contained approximately
550K utterances and 620 hours of speech. All L2
speakers were from northern Mandarin dialect regions, in which there is a contrast between alveolar
and velar nasal codas.
Phonetic segmentation was done automatically
through forced alignment using the HTK Toolkit
[15]. To achieve better segmentation accuracy,
we trained GMM-HMM acoustic models of both
phones and phone boundaries, following the method
in [27]. The phone models were standard 3-state
HMMs. The phone boundary models were a special 1-state HMM, in which the state cannot repeat
itself. Forced alignment on the L1 and L2 data was
performed separately, with acoustic models trained
on the two datasets respectively.
The CMU pronouncing dictionary was used for
forced alignment [8]. In the dictionary a stress
marker is placed after every vowel: "1" for primary
stress, "2" for secondary stress, and "0" for no stress
(reduced vowels). To avoid the complexity arising from syllabification and secondary stress, we restricted our analysis to the word-final alveolar nasal
/n/ and the preceding vowel, either in primary stress
(hereafter V1N) or no stress (hereafter V0N). Based
on the results of forced alignment, we excluded tokens in the data whose duration was not in a typical range (likely due to speech errors or alignment
errors). For vowels, both V1 and V0, the duration
range was set to between 60 and 300 msec; for the
nasal coda, the duration range was between 40 and
200 msec. The total number of tokens used in our
analysis is listed in Table 1.

probability of each and every broad class. The probability of the nasal class was then used to measure
nasality in the speech signal.
Table 2: Broad phonetic classes.

Class
V1
V0
N
S
F
G
SIL

We trained a Kaldi [18, 22] TDNN (nnet3) model
of the seven classes (including silence) with 80% of
the L1 dataset, i.e., 400 hours of L1 English speech,
and used the model to compute softmax values for a
given time point in the speech signal. The procedure
is illustrated in Figure 1.
Figure 1: The procedure of computing broadclass probabilities.

To evaluate the performance of the model, we extracted a softmax vector at the phone center for every phone in the entire L1 dataset (the phone center
was determined by the forced alignment process described above), and selected the class with the highest probability as the recognition result. The recognition accuracy is listed in Table 3, for test and training data respectively. Among the six phonetic broad
classes, the overall accuracy was about 74%. Most
of the errors were between similar classes, for example, V0/V1 and V1/G. If we group the six classes
into nasal (N) and non-nasal (V1, V0, S, F, G), the
accuracy was better than 96%.

Table 1: Total number of tokens for analysis.

V0N
V1N

L1 English
29,286
146,410

Description: phonemes
Stressed vowels: 1 2
Non-stress vowels: 0
Nasals: /M N NG/
Stops and affricates: /B CH D G JH K P T/
Fricatives: /DH F HH S SH TH V Z ZH/
Glides and liquids: /L R W Y/
Silence: –

L2 English
38,037
131,129

3. A METHOD FOR AUTOMATIC
MEASUREMENT OF NASALITY

Table 3: Broad class recognition accuracy.

The method we proposed for automatic measurement of nasality was based on deep neural network
models of broad phonetic classes. Following [25],
we mapped English phonemes into six broad phonetic classes plus a class for silence, as listed in Table 2. In order to measure nasality, we used the
softmax function as the output layer of the neural
network, which generates a vector representing the

Test set
Training set

6 classes
74.1%
74.7%

nasal vs. non-nasal
96.5%
96.6%

From Table 3 we can also see that there is little
difference between the training and test sets in terms
of recognition results. Therefore, we combined the
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two sets in the following analysis.
Figure 2 shows the mean probabilities of the six
broad phonetic classes, computed from all phones
in the entire L1 dataset. Note that we obtained the
probabilities for the center of the phones. We can see
that for each broad phonetic class in the data (determined by the CMU dictionary, as the gold standard), the probability of the class of the gold standard is much higher than the probabilities of the
other classes.

Figure 3: Nasal probability at vowel center.

1.0

Figure 2: Probabilities of broad phonetic classes
for all the phoneme tokens in the L1 dataset.
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the boundary into the nasal coda (B+1, B+2). The
results are shown in Figure 4, for L1 and L2 respectively.
By comparing the three time points in the vowel,
B-3, B-2, and B-1, we can see that when preceding
a nasal coda stressed vowels are less nasalized than
non-stress vowels, and this is true for both L1 and
L2 English. As these points were determined by the
distance in time from the nasal coda, regardless of
the vowel duration, we can conclude that the second hypothesis is not supported by our data. Our
data demonstrate that lexical stress resists or blocks
the influence of the following nasal coda, so stressed
vowels are less nasalized than non-stress vowels.
Figure 4 also shows a difference between L1 and
L2 English on the nasal coda. It appeared that the
nasal coda had less nasality in stressed syllables
(compared to non-stress syllables) in L1 English, but
more nasality in stressed syllables in L2 English.
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4. RESULTS
4.1. The effect of stress on vowel nasalization

Using the proposed method, we extracted a softmax
vector at the center of the vowel for all the selected
V1N and V0N tokens described in Section 2. The
probability of the nasal dimension in the softmax
vector was used to measure the degree of nasality
in the vowel. Figure 3 compares the difference between V1N and V0N on the degree of nasality at the
center of the vowel.
Clearly, for both L1 and L2 English the nasality
is lower for V1N. That is, when preceding a nasal
coda, stressed vowels bear less nasality than nonstress vowels. There are at least two possible explanations for this result. The first explanation is
that stress resists or blocks nasalization by coarticulation. The second one is that because stressed vowels are longer than non-stress vowels, the center of
a stressed vowel is further away from the following
nasal coda and therefore less influenced by the nasal
than a non-stress vowel.
To test the second hypothesis, we extracted soft-

4.2. The duration of vowels and nasal codas

With regard to the duration of vowels and nasal codas, our data show an interesting difference between
L1 and L2 English. Figure 5 contains smooth scatterplots of the vowel and nasal coda duration in
V1N, for L1 and L2 respectively. In L1 there was
a positive correlation between the vowel and nasal
coda duration (r = 0.34, p < 0.001) whereas in L2
the correlation was negative, although very weak (r
= -0.06, p < 0.001).
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Figure 4: Nasality at six time points.
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does not affect our analysis because we only compared vowels in different contexts. However, if the
goal is to detect nasality in speech, we need to calibrate/normalize the measure using non-nasalized
vowels (vowels not adjacent to a nasal consonant)
as a reference.

The negative correlation between the duration of
stressed vowels and nasal codas in L2 English might
be a result of negative transfer of the rhythm of Mandarin as a syllable-timed language. However, additional research is needed to draw a conclusion.
5. DISCUSSION AND CONCLUSIONS

We trained only one model using L1 speech, and
the vowel classes were trained using all the vowel tokens, including those preceding or following a nasal
consonant. Further effort is needed to test how models trained on L2 or only on non-nasalized vowels
will affect the nasality measure.

We developed a new method for automatic measurement of nasality in large speech corpora, based on
deep neural networks and broad phonetic classes.
By grouping phonemes into broad phonetic classes,
we trained acoustic models to represent the acoustic property of each broad class instead of individual
phonemes, e.g., the common property (nasality) of
all nasal sounds.
We used the softmax function as the output layer
of the neural network, and the probability of the
nasal class to measure nasality in the speech signal.
The nasal probability in nasalized vowels were relatively small, as we can see from the results. This

In summary, our analysis of large speech corpora
demonstrated that in both L1 and L2 English lexical stress blocks vowel nasalization, leading to less
nasality in stressed vowels. We found a positive correlation between the duration of vowels and nasal
codas in L1 English but a weak negative correlation
in L2 English.
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ABSTRACT

ionizing X-ray radiation. Ultrasound imaging of the
velopharyngeal mechanism is possible, by placing
an ultrasound probe on the soft tissue behind the ear
or on the upper portion of the neck posterior to the
mandible. However, the distance from the probe to
the area of interest and the restricted viewing angle
available make this use of ultrasound unappealing
for speech research.
The method of indirect investigation of velum
movement most naturally available to speech researchers is acoustic analysis [13, 14]. Important
features include spectral tilt; formant frequency,
bandwidth, and amplitude; the presence of antiresonances (in nasal stops); and A1-P0 [4]. These
features are typically used in conjunction with other
direct or indirect methods of assessment.
The state of the art indirect method of investigating velum movement is a pressure sensor attached
to a divided mask or pair of tubes which permits
the collection of nasal and oral airflow data. Airflow itself is of direct, diagnostic use in, for example, speech pathology. In linguistics, though, airflow
measurements serve merely as a proxy for the actual
measurement of interest: acoustic coupling between
the nasal and oral cavities (the coupling required for
speech to sound ‘nasal’). Unfortunately, the masks
typically used for the collection of airflow data collection severely muffle the speech signal and, with
most designs, even interfere with speech articulation
[8] (although c.f. Derrick et al. [6] for a promising
alternative).
As can be seen in Figure 1, the relationship between airflow and acoustic coupling of the resonating cavities is not simple. Here we see a natural production of the word bend paired with airflow measurements. While nearly the entire word is perceived by listeners as ‘nasal’ due to acoustic coupling throughout, the airflow signal is actually negative during the nasalized vowel and rises only during the nasal consonant. In tokens such as this one,
acoustic coupling has occurred, and is perceptually
available during the vowel [1] but this is difficult to

Many linguists and other speech researchers need
access to the real time articulatory state of the
velopharyngeal port to investigate the timing and extent of nasal gestures alongside the acoustic consequences of those gestures. While numerous methods
exist (e.g. airflow, velotrace [10], nasometer, etc.),
they tend to be invasive or to collect nasal data at the
expense of the acoustic speech signal. We present
an inexpensive method and procedure to investigate
nasal gestures using low frequency ultrasound. We
provide plans for a 3d printed coupler or a vinyl tube
connection that allows researchers to play a 20 kHz
tracer tone into a nostril which can then be collected
at the mouth using microphones typically used in
speech research. Sample nasal traces of nasal consonants and nasalized vowels are provided along with
calibration and analysis procedures.
Keywords: nasalization, speech production
1. INTRODUCTION
It is frequently necessary to understand the articulatory state of the velopharyngeal port, the muscular connection between the mouth and the nasal cavity. This mechanism is an important part of natural
speech, controlling nasal airflow and speech nasality [5]. Measurements of this velopharyngeal mechanism are necessary to provide insight into both the
timing and the ultimate extent of nasal gestures.
Methods of investigating articulatory gestures of
the velopharyngeal mechanism can be direct or indirect [2]. The most invasive direct methods such as
nasoendoscopy, in which a fiberoptic camera is inserted through a nostril; or velotrace, in which a series of rods connected to a lever are inserted through
a nostril to rest on the soft palate; are rarely used
in speech production research. A number of noninvasive direct imaging solutions exist but are also
seldom used. Radioflouroscopy has fallen out of favor due to legitimate concerns regarding exposure to
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and analysis procedures and hardware. All recordings were made using an Electro-Voice RE20 microphone in a WhisperRoom sound-attenuated booth.
The open source WaveSurfer [12] and Friture audio
programs were used for recording and testing to allow real time spectrogram visualization. This real
time visualization is extremely important as it allows
researchers to ensure that amplitude of the inaudible
20kHz tone is neither too high nor too low.

determine from the airflow – particularly when processing large amounts of variable data across multiple speakers and prosodic environments.
Figure 1: Production of bend with nasal airflow
tracing.

2.1. Introduction of 20kHz tracer tone

The 20kHz tracer tone was generated using an offthe-shelf high-resolution certified earbud headphone
with hybrid dual drivers [7]. In order to comply with
the high resolution audio industry standard and receive certification, a product must be capable of generating at least 40kHz. Any earbud with this industry
certification will suffice for generation of the tracer
tone. The second requirement to look for in a tone
generation source is the physical interface between
the driver and the ear. Suitable headphones will use
replaceable silicone or foam tips; headphones where
the speaker hangs directly in the intertragic notch of
the pinna can not be coupled to the nasal olive using
the methods described in this paper.

We present a device and method which uses low
frequency ultrasound to directly measure acoustic
coupling between the nasal and oral cavities. The
intention is to provide an inexpensive, non-invasive,
and effective tool which neither alters speech production behavior nor degrades the speech signal.
Recording of the acoustic coupling data is done
using the same high quality microphones typically
used in acoustic analysis. The system uses a nasal
olive (a small foam plug) to inject a 20 kHz tone
from consumer grade earbud headphones into one
nostril. 20 kHz has been chosen, first, because it is
just beyond the range of most human hearing. Second, 20 kHz is within the sensitivity range of highquality microphones sampling at, e.g., 44.1 kHz. In
principal, higher tone frequencies could be used.
When the velum is closed (so there is no acoustic
coupling between the nasal and oral cavities), this
high frequency tracer tone is attenuated by the nasal
cavity. However, when the velum opens in a nasal
gesture, the tracer signal is detectable at the lips by
the same microphone being used for voice recordings. The tracer signal can then easily be isolated
from the voice recordings for analysis using software such as Praat [3] or Matlab [11].

The silicone tip was removed from the earbud
leaving a small cylindrical protrusion approximately
6mm long with a tubular lip that was also roughly
6mm in diameter. The earbud needed to be physically attached to the foam nasal olive to inject the
tracer tone into the nostril. Two methods were tested
to physically couple the earbud emitting the 20 kHz
tracer tone through the nasal olive.
2.2. 3D printed coupler

Initially, a solid mechanical coupling tube was designed using freely available design software, and
3D printed on a Makergear M2 3D printer. The dimensions were adjusted to give a snap-fit to the earbud protrusion, and the inner structure was tapered
to minimize acoustic loss. For testing, the coupling
tube was press-fitted to the built-in plastic tube extending from the nasal olive, but there was found
to be less acoustic loss if the built-in tube was removed and the foam of the nasal olive pulled directly over the coupling mechanism. As long as
the body of the earbud itself is relatively soundinsulated, this method of physical coupling is ideal.
It allows minimal signal loss from the generated tone
to the wearer’s nostril – increasing the amplitude of
the 20 kHz tone available for subsequent analysis.

2. TRACER TONE: INTRODUCTION,
RECORDING, AND ANALYSIS
This section describes the construction and testing
of nasal tone generation, introduction, recording,
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2.4. Signal Analysis & Calibration

Figure 2: Rendering of 3D printed coupler

A single microphone was used to record the subjects’ speech and the tracer tone conducted through
the nasal passage, velopharyngeal port, and mouth.
The speech signal was digitized at a 48kHz sampling
rate, and analyzed for tracer tone signal alternation.
This sampling rate, typical in speech production research, has a Nyquist frequency of 24kHz which is
well above the cut-off necessary to record the 20kHz
tracer tone. However, care must be taken to consult
the frequency response characteristics of the microphone selected for research. Many commerciallyavailable microphones will not reliably record frequencies at 20kHz or higher and those that do will
typically have some degree of roll-off in these frequencies which may decrease the tracer tone signal
available for analysis.
The tracer tone is recorded alongside the speech
signal and saved in the same audio file. An example spectrogram is shown on the bottom of Figure
4. This tracer tone was then separated from the
speech signal using a narrowband bandpass filter,
with a passband between 19,950 and 20,050Hz. The
RMS envelope of the bandpass filter output was then
calculated to create a tracer signal amplitude signal.
A simplified excerpt of the Matlab analysis code is
shown as follows:

2.3. Tube coupler

In the process of testing signal reception, it was
found that headphone signal was emanating from
the plastic housing surrounding this particular earbud. The physical proximity of the earbud to the
microphone caused a tracer signal to be present regardless of the status of the velopharyngeal port. To
correct this, a second coupling method was developed in which a flexible 30 cm long plastic tube was
used to connect the earbud to the nasal olive. This
placed the earbud far enough from the recording
microphone to eliminate tracer signal interference.
The flexible tubing used in this project was a piece
of aquarium airline tubing with an interior diameter
roughly 2mm smaller than the earbud tip protrusion.
The end of the tube was softened slightly with a soldering iron (although a heat gun would also suffice
for this purpose) after which the tubing fit easily and
snugly onto the earbud. The resulting device, show
in Figure 3 was then clipped to the participants’ shirt
in the manner of a lavalier or lapel microphone.

[b , a ] = butter (4 ,[(19950/( fs /2) )
(20050/( fs /2) ) ]) ;
tracersignal = filter (b ,a ,
fullsignal )
traceramplitude = envelope (
tracersignal , 1000 , ' rms ') ;
A threshold for identifying velopharyngeal port
status was determined experimentally using the peak
value of the signal during a nasalized vowel pronounced in context. As described below, further
work will be required to determine how subjectspecific and context-specific this threshold may need
to be in order to consistently evaluation velopharyngeal port status.

Figure 3: Tube coupler with earbud and nasal
olive

3. PRELIMINARY RESULTS
An initial experiment with two subjects was implemented to evaluate system feasibility using the earbud and flexible tube coupling to the nasal olive, as
described in the previous section. To gather comparative data within an identical prosodic context,
the subjects read a wordlist consisting of 27 CVC,
CVNC, and NVN target words. An example of the
resulting data can be seen in Figure 4. The oral/nasal word pair ["sEt] set and ["sẼnt] sent are shown
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signal information for some speakers. It must be
determined on a study-by-study basis whether this
high frequency information is crucial to the research
question under consideration. One possible solution
to this problem is to raise the frequency of the tracer
signal itself. This may be necessary, regardless of
the research question, if the study includes children
or teens or other talkers who may hear 20kHz. Raising the frequency signal only increases the need for a
high quality microphone with a well-understood frequency response, and other possible consequences
of this change have not yet been evaluated. Second, the presence of whisps of normal speech signal up in the 20kHz range suggests that the nasal
tracer approach will not be suitable for the investigation of nasalized fricatives in a language like Scottish Gaelic [15] or nasal coarticulation of fricatives
in other languages. Finally, it remains to be seen
whether the nasal tracer system can be used to determine the extent of a nasal gesture in addition to
the timing. Data like the RMS envelope in Figure 4
tantalizingly suggest that this is indeed the case, but
much work remains to be done on this question.

here with the 20kHz tracer signal still present in the
spectrogram (bottom). This single recording is then
separated into speech and tracer signal recordings by
lowpass and bandpass filtering, respectively.
Figure 4: ["sEt] (left) and ["sẼnt] (right) with 20
kHz tracer signal (top)

5. CONCLUSION
A need still exists for an easy, inexpensive, noninvasive and reliable method of assessing velopharyngeal articulation during speech. Our method is
unique in responding to this need by directly measuring acoustic coupling, the measure typically of
interest in linguistics, rather than airflow or pressure. It remains to be seen whether the system presented here is reliable across participants and across
research contexts (e.g. sociolinguistic fieldwork,
paired with eye tracking for simultaneous collection
of production and perception data, paired with fMRI
using pneumatic headphones, or when paired with
ultrasound imaging of the tongue or electromagnetic
articulography). However, we believe the results
presented here are promising. The nasal tracer system is affordable, relatively easy to construct and
use, and non-invasive. Future work will include direct comparison with a state of the art airflow system
and a large-scale, systematic test of the system to determine the reliability of the system across a varied
population of talkers.

The differential presence of the tracer signal between the oral and nasal word conditions can be
observed directly in the spectrogram. The resulting tracer signal amplitude envelope, shown above,
confirms that the tracer signal level is significantly
stronger during the nasalized portion of the vowel
and nasal consonant than during any other portions
of the recording. One potential problem is that, due
to oral closure, the tracer signal may be attenuated
during nasal consonants. Note that the tracer signal
is also visible when subjects are breathing due to the
velopharyngeal port being open when at rest [9].
4. DISCUSSION
Perhaps the most surprising discovery during the
development of the nasal tracer system was how
often normal parts of the speech signal have high
frequency components extending to, and above,
20kHz. For some speakers, release bursts, aspiration, and fricatives (particularly the sibilant fricatives), had high frequency components of sufficient
amplitude to be confusable with nasalization as detected by the nasal tracer approach. This discovery
leads to two potential problems with the current approach. First, the proposed lowpass filtering to separate the speech signal from the nasal tracer signal
is likely to result in loss of high frequency speech
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Explanations for postaspiration include opposing
views. On the one hand, one view [2] proposes a
gestural reorganization in which the glottal opening
for the aspirated /s/ and the supraglottal closure for
the following stop overlap instead of being
sequential, as is the case with dialects with preaspiration. In this case there would be a direct
relationship between stop closure length and the
presence of either preaspiration or postapiration in
the clusters. On the other hand, another view [4]
considers
a
phonological
reanalysis,
with postaspirated stops as part of a new set of
phonemes in Western Andalusian Spanish, working
in opposition to their unaspirated counterparts.
Instead of being the result of an overlap of gestures,
this set of sounds would be considered target
categories and not the result of coarticulatory
gestures, especially when the overall duration of
postaspirated stops is actually shorter than sequences
that present preaspiration [5]. So far, the question of
“whether this reduction is an online phonetic process
or a phonological one has not been thoroughly
investigated” [6, p. 37], although it seems to be
conditioned by lexical frequency and phonetic
context, with a higher incidence before the high
front vowel /i/, especially in less frequent words [7].
Additionally, the case of /st/ clusters has received
special attention given that a new phenomenon has
emerged among the younger population (< 35 years
old) in the area, by which postaspirated [t̪ h] is
increasingly realized as an affricated [t̪ s] [8] [9] [10].
In her study of these clusters, Ruch [11] determined
seven possible realizations of the sequence /s/ + /t/ in
Seville (Spain): sibilance [st], pre-aspiration [ht], pre
and post-aspiration [hth], post-aspiration [th],
gemination [t:], elision [t], and affrication [ts]. For
this /s/ + /t/ sequence in Málaga, Vida Castro [9]
[10] proposes five solutions: [st], [ht], [th], [t:], [ts].
Both authors agree that the most common by far are
postaspiration and affrication [9] [10] [11].
Concerning this ongoing phonetic change from
postaspiration to affrication, a current explanation so
far is consistent with a view of realignment of
gestural timing and assume a metathesis [12] as the
result of a process of resyllabification of /s/ from a
coda to an onset position, in an attempt from
speakers to recover the sibilant as a sign of prestige
[9] [10]. On the contrary, under the view of a

ABSTRACT
Western Andalusian Spanish is one of the many
coda /s/ weakening varieties of Spanish in the world.
It is documented that there is a growing tendency for
speakers of this variety to realize /st/ clusters not
only with postaspiration (pasta [pát̪ ha]) rather than
preaspiration (pasta [páht̪ a]), but also with
affrication (pasta [pát̪ sa]). In this study, we present
evidence of postaspiration and affrication beyond
/st/ clusters, i.e., also in stop + /t/ clusters, as
detected auditorily in recorded background
interviews with Western Andalusian Spanish
speakers. Further acoustic analyses of duration, zero
crossing rate, and center of gravity of the friction
segment in the tokens corroborated the existence of
postaspiration and affrication in both contexts.
However, while postaspirated tokens were similar in
all parameters for both /st/ and /Ct/ clusters,
affricated tokens presented higher frequency and
concentration of energy in /Ct/ clusters. Further
research into these emerging phenomena seems to be
needed.
Keywords: Western Andalusian Spanish, aspiration,
affrication, phonetic change
1. INTRODUCTION
Andalusian Spanish varieties (Eastern and Western)
are characterized by the predominant weakening of
coda /s/. In terms of articulation, Andalusian /s/ is
described as predorse-dentoalveolar [s̪ ], while
mainstream Castilian /s/ is apico-alveolar [s̺ ]. The
former is articulated with very little movement of
the tongue tip, horizontally and vertically, and .at a
much lower rate than the latter [1]. In fact, “one
could speculate that a predorse-dentoalveolar /s/ is
not, in evolutionary terms, what could be considered
a ‘good’ /s/ and is, consequently, likely to be
weakened” (p. 205). Concerning coda /s/ weakening,
a particular characteristic unique to Western
Andalusian Spanish is that coda /s/ before voiceless
stops /p, t, k/, word-internally and across word
boundaries, is mainly realized as postaspiration [ph,
t̪ h, kh] rather than preaspiration [hp, ht̪ , hk], giving
way to stops with longer VOTs than in other
varieties of Spanish [2][3].
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phonological reanalysis, the explanation for
affrication is that the segment undergoes a process
of fortition [5].
Amid the debate on /st/ clusters, this study offers
evidence of the incidence of postaspiration and
affrication in other phonetic contexts (stop + /t/), as
found in words extracted from recorded interviews
with native speakers of Western Andalusian
Spanish, by means of the analysis of duration, zero
crossing rate (*10/interval duration), and center of
gravity (CoG) of the key segments.

portions of the target words were tagged using Praat
[13], from the beginning of the stop burst to the
beginning of periodicity of the following vowel, and
subsequently analyzed for duration (ms), zero
crossing rate (*10/interval duration), and CoG (Hz)
using a Praat script designed for the purpose [14].
Mixed models were then performed to compare
targets [t̪ h] and [t̪ s] between phonetic contexts (/st/
and /Ct/). Based on the auditory selection of words,
we expected to find instances of both postaspiration
and affrication in /Ct/ clusters.

2. METHOD

3. RESULTS

Thirty-three speakers of Western Andalusian
Spanish (age range 19-33; Mage = 22.08) from
different towns in Seville, Cadiz, Huelva, and
Malaga participated in this project carried out at the
Universidad de Sevilla. Participants signed informed
consent forms and filled out background
questionnaires prior to the recordings. From the 33
informants that volunteered to participate, 3 were
eliminated because they spent their childhood
outside the western area of Andalusia, which was
reflected in their speech.

Out of the 489 words selected and analyzed (see
Appendix), 441 (90.18%) were /st/ clusters. In this
context, 26.08% of the tokens presented
postaspiration, while 73.92% of them were realized
with affrication. From the rest of the contexts
(9.82%), we found that 85.42% of the cases were
/kt/ clusters, 10.42% were /pt/ clusters, and finally,
4.17% were /bt/ clusters. Out of these 48 tokens,
33.33% presented postaspiration, and 66.67% were
realized with affrication.
Figures 1 and 2 show spectrograms and
oscillograms of [t̪ h] and [t̪ s] in the word exacto
(exact) from two different female speakers, with
CoGs of 1.66kHz and 10kHz respectively:

2.1. Participants

2.2. Materials

Figure 1: Spectrogram and waveform of aspiration
in the word exacto

The instruments for the recordings were part of
another research project that consisted of three parts.
First, semi-guided background interviews were
conducted, in which participants were asked about
their current studies and projections for the future, as
well as other topics that came up naturally during the
interviews. Second, a number of sentences were
presented with selected keywords and colloquial
tags to elicit natural speaking. Third, a number of
words were presented by means of a timed
PowerPoint presentation. For this communication,
only the findings from the interviews are reported,
where we found the phenomena analyzed in this
paper. Thus, word accentuation or frequency was not
controlled for.

Iexacto46-3
0.39922239
0.4703605

tʰ
0

0.6012
Time (s)

Figure 2: Spectrogram and
affrication in the word exacto

waveform

of

2.3. Procedure
The recordings were conducted in a soundproof
booth at the Phonetics Laboratory of the Universidad
de Sevilla (Spain), under the supervision of the
experimenter, with a Zoom H6 portable recorder at
44,100 Hz and 16 bps sampling rate, in .WAV
format. Each file was first processed auditorily to
select key words containing postaspiration [t̪ h] and
affrication [t̪ s] in consonant + /t/ contexts. Once
tokens were extracted and labelled, the fricative

Iexacto21-4
0.315587599

tˢ
0

0.6782
Time (s)
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Tokens that presented a CoG lower than 4kHz
were easily identified as [t̪ h], the lowest one with
315Hz, while those that presented a CoG higher than
6kHz were easily identified as [t̪ s], with some
examples reaching as high as 10kHz-11kHz. Tokens
found in the range of 4kHz-6kHz presented variation
in perception, which can account for the ongoing
process, although the majority of them was
identified as affrication.
The results of the measurements are presented in
the three tables below. In terms of duration (Table
1), the affricated variety is longer than the
postaspirated one in both contexts. Individual
comparisons across contexts (context*target)
revealed no differences in duration for either [t̪ h] or
[t̪ s] tokens (F-value = 1.7496; num df = 1; denom df
= 57.4; p = 0.191).

In relation the CoG, i.e. the frequencies at which
a higher concentration of energy is present,
postaspirated tokens present a clearly lower CoG
than affricated ones in both contexts (Table 3),
which again seems to indicate that both phenomena
are present in both contexts. However, while [t̪ h]
tokens present similar CoG in both contexts, [t̪ s] is
significantly higher in /Ct/ than in /st/ clusters (Fvalue = 6.752; num df = 1; denom df = 63.7; p =
0.023), which points at a concentration of energy at
higher frequency in this context.
Table 3: CoG (Hz), SE, and CI of aspiration and
affrication in /st/ and /Ct/ clusters.

[t̪ h]

Table 1: Duration (ms), SE, and CI of aspiration
and affrication in /st/ and /Ct/ clusters.

[t̪ s]
[t̪ h]

/st/
53.357
(2.0081)
[49.380-57.334]

/Ct/
46.045
(6.068)
[33.858-58.232]

60.378
(1.3820)
[57.599-63.158]

63.204
(4.383)
[54.409-72.000]

/st/
/Ct/
4015.531
3220.5870
(173.9103)
(428.8665)
[3670.858-4360.204] [2360.804-4080.370]
6827.310
7646.886
(130.599)
(316.040)
[6564.204-7090.416] [7014.332-8279.441]

4. DISCUSSION
[t̪ s]

The findings in this study seem to point at the
existence of an ongoing phonetic change in Western
Andalusian Spanish that extends beyond the /st/
clusters reported in several previous studies. While
postaspiration and affrication are the common
realizations of /st/ clusters among the younger
population in this variety, we seem to have found
evidence that other consonant + /t/ clusters can
undergo the same processes (stops + /t/).
Comparisons between both types of clusters
revealed that postaspirated productions were similar
in both contexts, whereas affricated productions in
/Ct/ clusters presented higher ZCR and CoG than in
/st/ clusters, i.e., higher frequency and concentration
of energy.
Coda stops in word-medial position in Spanish
are not common, although the most frequent one is
/k/, which is consistent with the high number of
examples of /kt/ sequences found in our interviews,
as opposed to /pt/ and /bt/ sequences. For Eastern
Andalusian Spanish (EAS), it has been established
that obstruent codas are neutralized by preaspiration
followed by the gemination of the following
consonant [15] [16]. In this case, /st/, /kt/ and /pt/
clusters would be neutralized as [ht̪ :] However, one
study on the perception of EAS neutralization in
these clusters reports this neutralization to be
incomplete, as /pt/ was distinguishable from /st/ and
/kt/ in terms of longer closure duration. In light of

Zero crossings rate (ZCR) refers to the number
of times that the amplitude of the speech signal
passes through a value of zero within a given
interval, and is indicative of frequency and also
voice. Results show (Table 2) that ZCR is higher for
affrication than for postaspiration in both contexts,
which points at the existence of such phenomena in
clusters other than /st/. Nevertheless, ZCR in the
affricated tokens was significantly higher in /Ct/
contexts than in /st/ clusters (F-value = 14.560; num
df = 1; denom df = 60.9; p = 0.0006), providing
evidence of greater frequency in this type of
sequences.
Table 2: ZCR, SE, and CI of aspiration and
affrication in /st/ and /Ct/ clusters.

[t̪ ]
h

[t̪ s]

/st/
87.914
(2.804)
[82.358-93.469]
123.915
(2.089)
[119.710--128.120]

/Ct/
81.990
(7.649)
[66.648-97.332]
145.282
(5.596)
[134.075-156.488]

762

[θ] for [s̪ ]. In this case, both casa (house) and caza
(hunting) are pronounced [káθa]. Therefore, this
speaker never used /s/ under any circumstance
except in her affricated realizations of /st/ and /Ct/
clusters.

this, it may be that in Western Andalusian Spanish
obstruent codas were also neutralized by means of
aspiration, as a way to signal the underlying
existence of a consonant, and are beginning to
undergo the same processes as the more frequent /st/
clusters by phonetic analogy [17]. In this case, we
would be in the presence of an ongoing phonetic
change with lexical diffusion [18] extending from
the most frequent phonetic context /kt/.
The phenomenon of affrication seems to be
relatively established for /st/ clusters among the
younger population, although it still remains to be
determined how affrication emerged. Since this
phenomenon has only been reported in /st/ clusters,
one of the existing explanations is the
resyllabification of /s/ from coda to onset position in
attempt to recover the fricative as a sign of prestige
pronunciation, giving place to metathesis. It may
then be a matter of ease of articulation, by which the
sequence /ts/ is easier to articulate than /st/, as /s/
becomes the release stage of the stop while
maintaining the tendency to weaken the sibilant in
coda positions. Under the view of a phonological
reanalysis, the proposition is that [t̪ h] has undergone
a process of fortition, as reported in syllable-initial
position for other languages such as English [19], in
which the presence of /t/ is said to favor not only
aspiration, but affrication as well. In fact, voiceless
sibilant affricates (whether alveolar or dental) are
found in quite a few languages, in which “the
turbulence produced at plosive release, if elongated
… may end up producing a period of frication. In
this respect, stop releases may provide good
conditions for frication” [20, p. 312]. Indeed, the
fact that Western Andalusian Spanish [t̪ s] seems to
be shorter than the preaspirated [ht̪ ] and affricate /ʧ/
[5] may indicate that it is uttered as a single
voiceless sibilant affricate, although with no
phonological value.
This ongoing change may have been triggered
sporadically [6], by means of a combination of both
production and perception [21],[22]. Ruch and
Harrington [22] found that L1 Argentinian listeners,
whose variety of Spanish uses preaspiration,
perceived an underlying /s/ in Western Andalusian
Spanish even when only a slight postaspiration was
present in the stimuli. It may be that in certain
phonetic contexts affrication is produced or
perceived as such, and subsequent language use may
be beginning to change the underlying
representations of the speakers [18].
In any case, one of the informants we
interviewed, who employed [t̪ s] in all contexts
reported here, made use of ceceo everywhere else.
Ceceo is a characteristic by which a speaker makes
an interdental realization of /s/ and thus substitutes

5. CONCLUSIONS
In this study we showed evidence of the presence
of postaspiration and affrication in phonetic contexts
other than /st/ clusters in Western Andalusian
Spanish, with similarities and differences between
both. These findings warrant further investigation
regarding the nature and the direction of this
ongoing phonetic change, as well as the factors that
promote it.
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7. APPENDIX
List of words by phonetic context and target phenomenon.
/st/
/ts/
/th/
gusta 38
estoy 15
estoy 30
gustaría 13
master 19
gusta 12
gustado 15
estudiar 8
lingüística 14 estaba 6
estudios 14
estudios 6
estuve 11
gustaba 5
instituto 11
lingüística 5
gustaría 11
master 5
este 10
gustado 4
gustaba 9
estar 3
historia 9
este 3
estudiando 8
esto 3
gustó 8
estuve 3
esto 6
esta 2
estudiar 5
gustan 2
gustan 5
costado
está 3
cuesta
puesto 3
distinta
textos 3
estable
estudiado 2
estudio
estudiantes 2 estudiado
estudié 2
estudiando
estudio 2
gestos
estuvo 2
gustar
gustando 2
gusten
hasta 2
hasta
magisterio 2
historia
vista 2
instituto
estado
lingüístico
estudia
magisterio
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/Ct/
/ts/
exacto 9
arquitectura 3
proyecto 2
prácticas 2
obtener 2
práctica 2
afecta
aspecto
dialecto
directamente
practicar
selectividad
sintácticos
aceptado
exactamente
lectura
optativas
proyectos
optativas
septiembre

/th/
prácticas 4
exacto 3
atractiva
contacto
doctorado
exactamente
lectura
optativa
optativas
selectividad
septiembre

estudian
existía
gustaban
gustara
guste
investiga
investigando
investigar
investigación
investigué
lingüísticas
lingüísticos
listas
orquesta
resto
sexto
usted
visto
es todo

del habla: Tradición y avances en la fonética
experimental, (pp. 441-450). Universitat de Valencia.
[10] Vida Castro, M. (2016). Correlatos acústicos y
factores sociales en la aspiración de /s/ preoclusiva en
la variedad de Málaga (España). Análisis de un
cambio en curso. Lingua Americana, 38, 15-36.
[11] Ruch, H. (2010). Affrication of /st/-clusters in
Western Andalusian Spanish: variation and change
from a sociophonetic point of view. Proceedings of
the Workshop “Sociophonetics, at the crossroads of
speech variation, processing and communication”.
Pisa, December 14th-15th, 2010.
[12] Hualde, J. I. & Chitoran, I. (2016) Surface sound and
underlying structure: The phoneticsphonology
interface in Romance languages. In S. Fischer and C.
Gabriel (Eds.) Manual of grammatical interfaces in
Romance, 10 (pp.23-40 ). Mouton de Gruyter.
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from http://www.praat.org/.
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sound change. Language Variation and Change, 14.
261–290
[19] Buizza, E. & Plug, L. (2012). Lenition, fortition and
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visto
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ABSTRACT

has been documented in urban environments,
especially in recordings from speakers with a
multilingual background [13]. At the same time, data
from [7] indicate that merging frequency may vary
between cities. As to gender-specific effects, mixed
results have been reported. More merging in female
than in male speakers was found in [8, 14], the
opposite in [2, 17]. It should be noted that speakers
with fully consistent merging behavior seem to be
rare [2, 5, 7, 8, 14, 17]. No occurrences of mergers
were observed in speakers ≥ 65 yr in [8, 12], >35 yr
in [17]. Acoustic analysis of merged 12-year-olds’
tokens in [21] showed that neutralization of the
phonemic opposition was not completed.
To shed more light on this issue, the present study
uses materials from the Norwegian speech database
NB Tale [11]. According to preliminary inspection by
the author, in the database there was no evidence of
/ʃ/ pronounced as [ç] (cf. the reports on that type of
merger in [7, 8]). Therefore, the following analysis
deals with the occurrences of /ç/ pronounced as [ʃ]
and canonically realized /ç/ and /ʃ/. The main research
questions were the following:
• How frequent is the merger?
• Is the merger completed as to its acousticphonetic properties?
• Is there more evidence of merging in the
speech of younger compared to older
speakers?
• Is there more evidence of merging among
male vs. female speakers?
• Is the merger equally frequent in read vs.
spontaneous speech?

According to impressionistic observations of spoken
Norwegian, there is an increasing tendency to
pronounce the voiceless palatal fricative /ç/ as its
postalveolar counterpart /ʃ/. Through an acoustic
analysis of speech material from a large database, this
study examines how far this merging phenomenon
has proceeded. The database contains recordings of
both read and spontaneous speech produced by
younger (< 40 yr) and older (> 40 yr) female and male
speakers. Auditory evaluation revealed that merging
is relatively rare in the database. It appeared to occur
as often in spontaneous as in read speech but more
often in younger than in older speakers. On the other
hand, spectral measures showed that acousticphonetic contrasts between canonical productions of
/ç/ and /ʃ/ were stronger in the younger generation. No
gender-specific effects were observed in /ç/-/ʃ/
contrasts. On the whole, the findings suggest that the
merger process is in its infancy at best.
Keywords: Norwegian,
fricatives, merger

palatal,

postalveolar,

1. INTRODUCTION
Norwegian is one of the relatively few languages of
the world that have a voiceless palatal fricative /ç/ in
their phonological system. Among the 504 languages
contained in LAPSyD [10], merely 14 (corresponding
to 2.8 %) have this fricative in their sound inventory.
Half of them (1.4 %) also have a voiceless
postalveolar /ʃ/. According to observations by the
general public, younger speakers of Norwegian often
pronounce the /ç/ sound as its postalveolar
counterpart /ʃ/, thus neutralizing the distinction
between word pairs like kjekk /çɛk/ ('handsome') and
/ʃɛk/ ('check'). The question is whether this tendency
indicates the beginning of a general sound change
eventually resulting in the disappearance of the /ç/
phoneme from the Norwegian sound system.
A number of non-instrumental investigations have
looked into the occurrence of fricative mergers in
spoken Norwegian. Varying degrees of merging
among younger speakers (14-25 yr) were reported by
[8] (1.9 %), [7] (25.5 %), [13] (around 40 %), [17]
(41.7 %) and [5] (approx. 50 %). Frequent merging

2. METHOD
2.1. Terminology

In the following, standard speech phonemes /ç/ and
/ʃ/ and their respective pronunciation as [ç] and [ʃ]
will be referred to as canonical or distinct. Canonical
realization of /ç/ will be denoted as [/ç/; ç]; merged
pronunciation as [/ç/; ʃ]. Accordingly, speakers will
be categorized as distinct or merged pronunciation
speakers. Note that a number of members of the latter
group also had canonical [/ç/; ç] tokens in their
repertoire. Without exception, /ʃ/ was produced as [ʃ]
by all speakers of both groups (denoted as [/ʃ/; ʃ]).
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2.2. Speech material

2.3. Categorization of /ç/

Speech materials used for this investigation were
taken from the speech database NB Tale, provided by
the National Library of Norway [11]. The corpus was
collected in 2012 and contains annotated recordings
of 240 native speakers of Norwegian. This material is
divided according to speakers’ dialectal background
into 12 subgroups containing 20 speakers each. The
12 dialect regions cover the main four dialect groups:
Northern, Central, Western, and Eastern Norwegian.
At the time of the recording, speakers were explicitly
told that they were free to use speech sounds from
their own dialect (e.g. realizing /n/ as [ɲ] or /l/ as [ɽ]).
In addition to dialect, speaker age (18-40 yr vs. 40-80
yr) and gender are included as systematic factors in
the database. Within each subgroup, there are thus
five younger and five older speakers of each gender.
Almost all recordings in the database were made
in a sound-treated studio using 48 kHz sampling
frequency and 16-bit quantization. All recordings
were in stereo using a Sennheiser 2-1-5 headset and a
Shure KSM 44 studio microphone. For the present
acoustic analysis, the Shure KSM 44 channel was
chosen.

Categorization of /ç/ realizations as [ç] or [ʃ] was
based on the results from a formal auditory
evaluation. The speech material collected for this
evaluation consisted of 1234 realizations of /ç/
present in the database, extracted from the recordings
using a parabolic window of 800 ms with the fricative
centered. Additionally, intensity differences were
leveled out by adjusting tokens to 70 dB. Stimuli
contained two presentations of each token separated
by a 1-sec silent pause.
Stimuli were presented via two high-quality
loudspeakers to individual listeners seated in a soundtreated recording studio. Listeners rated fricative
quality using a Likert scale ranging from 1 (clear [ʃ])
to 7 (clear [ç]) presented on a computer screen. The
test took 2-3 hours to complete.
A group of seven native speakers of Norwegian
(three females, four males) with a background in
linguistics participated. They were aged 25-70 yr
(mean 38.9 yr) and had no reported hearing problems.
All subjects were paid for their participation.
Subsequently, rater data were evaluated as
follows. Cases with scale values from 5-7 from a
majority (i.e., at least four) of the raters were
classified as distinct pronunciation ([/ç/; ç]). Majority
judgments with scale values from 1-3 were
categorized as mergers ([/ç/; ʃ]). 32 tokens without
majority for either of the two alternatives were
excluded. For further results, see section 3.1.

2.2.1. Read speech
Recordings in NB Tale comprise 20 sentences per
speaker. Sentences were selected from news text
corpora and balanced in order to achieve an even
distribution between several phonetic and phonemic
properties. Only three sentences were produced by all
240 speakers; the remaining ones varied across
speakers. Sound files were annotated in X-SAMPA
using Praat TextGrids [1].

2.4. Acoustic analysis and statistical evaluation

Acoustic analysis was carried out using Praat’s
scripting facility. The first parameter extracted was
fricative duration. Further, long-term average spectra
(LTAS) with a filter bandwidth of 250 Hz were
calculated from the central 40 ms portion of fricatives
longer than 80 ms and from the central 50 % of
fricatives shorter than 80 ms extracted using a
rectangular window shape. Subsequently, various
spectral measures were derived from the LTAS. Due
to space limitations, this paper will only report on
Center of Gravity (CoG, calculated using Praat's
query function) and a derived DCT-based measure
(see next paragraph and section 3.4).
Following [22] (cf. also [4]) LTAS energy
distributions were parameterized using Discrete
Cosine Transformation (DCT). In a first step, after
conversion of the Hz to the Bark scale, spectral
energy values were averaged in 17 critical bands
ranging between 8 and 24 Bark ([20]: equation (6)).
The 8 Bark lower limit was chosen to avoid artifacts
due to occasional occurrence of low frequency
disturbances. Subsequently, three DCT-coefficients
Cm (m = 2, 3, 4) were calculated with equation (1):

2.2.2. Spontaneous speech
In addition to read sentences, the NB Tale speech
database also contains spontaneous speech
recordings. Before reading the sentences, participants
were asked to speak for approximately two minutes
about a topic of their own choice. According to
impressionistic observations, speaking style in the
spontaneous speech recordings is as a rule very
informal, as witnessed by the occurrence of strong
segmental reductions, assimilations and elisions.
These recordings were annotated orthographically
using Praat TextGrids. The orthographic transcription
was used to collect occurrences of /ç/ and /ʃ/. It
appeared that in the spontaneous speech of some
speakers no relevant /ç/ tokens are contained at all.
Moreover, for 11 speakers no spontaneous recordings
are available in the speech database.
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𝑁−1

3.2. Distinct pronunciation

(2𝑛 + 1)(𝑚 − 1)𝜋
2
𝐶𝑚 = 𝑘𝑚 ∑ 𝑥(𝑛) cos (
)
𝑁
2𝑁

Inspection of the data from 199 distinct pronunciation
speakers revealed that [ç] and [ʃ] had similar mean
durations (108 and 110 ms, respectively; according to
LMEM calculation χ2(1) = 0.635; p = 0.426). In
contrast, mean CoG values were significantly
different (4648 Hz and 4161 Hz, respectively; χ2(1) =
64.9; p < 0.001). At the same time, distributions of
CoG values were to a relatively large degree
overlapping (cf. Fig. 1).

𝑛=0

𝑘𝑚 =

1
√2

,𝑚 = 1

𝑘𝑚 = 1, 𝑚 ≠ 1

(1)

While coefficient DCT1 characterizes spectral slope,
DCT2 and DCT3 represent the spectral envelope’s
curvature and the contribution of the higher
frequencies, respectively (DCT0 encoding mean
energy was not calculated).
Statistical analysis of duration and CoG data was
performed with the R program package lme4 [15] to
calculate Linear Mixed Effects Models (LMEM).
Evaluation included the fixed factors phoneme
(palatal, postalveolar), speaker age (< 40 yr, > 40 yr),
gender (female, male), and dialectal background (12
subgroups). LMEMs included respectively byspeaker random slopes and intercepts for the factor
phoneme (section 3.2) and random speaker intercepts
(section 3.3). Rejection level was at α = 0.05.

Figure 1: Distribution of CoG values for canonical
realizations of /ç/ and /ʃ/ for 199 distinct
pronunciation speakers.
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3. RESULTS
3.1. Frequency of occurrence

4000
3000

The first research question of this study concerns the
distribution of [ç] and [ʃ] represented in the NB Tale
database and, specifically, how many occurrences of
[ʃ] are cases of phonemic merging. An overview of
the number of present observations is given in
Table 1. Because the speech material of 15 out of the
240 speakers did not contain any [ç] occurrences,
their [ʃ] tokens were excluded from analysis. In this
way, the comparison of [ç] and [ʃ] across speakers
was balanced. There were 32 merged pronunciation
speakers (26 among them produced also canonical
[/ç/; ç]).

2000

[ /ç/;ç ]

[/ç/; ʃ]
n
%
51 6.4
27 6.7
78

[ /ʃ/;ʃ ]

3.3. Merged pronunciation

In this section, we shall investigate the acoustic
properties of fricative tokens produced by 32 merged
pronunciation speakers (18 females; 14 males).
Inspection of their geographical background showed
that a relatively large group (12) spoke a Southwest
Norwegian dialect, while six had an East Norwegian
background. Otherwise, there was no geographical
clustering. The majority of the merged pronunciation
speakers (29) were younger than 40 years.
The speech material produced by the merged
pronunciation speakers contained in total 151 /ç/
occurrences, 73 of which were realized as [ç], 78 as
[ʃ]. In the following, we will focus on two questions.
The first one is to which degree merged pronunciation
speakers' [/ç/; ç] tokens were acoustically different
from their [/ʃ/; ʃ] tokens. Inspection of the data
showed that mean durations did not differ
significantly (113 ms vs. 107; χ2(1) = 1.792; p =
0.181). In contrast, position of CoG on the frequency
scale was significantly different (4735 Hz vs. 4150
Hz; χ2(1) = 47.908; p < 0.001; cf. Fig. 2).

Table 1: Number of fricatives analyzed in read and
spontaneous speech. Number of speakers for [/ç/; ç]
and [/ʃ/; ʃ]: 225; for [/ç/; ʃ]: 32.

[/ç/; ç]
n
%
Read
750 93.6
Spont. 374 93.3
Total 1124

5000

[/ʃ/; ʃ]
n
2911
728
3639

Further, the proportion of phonemic mergers ([/ç/;
ʃ]) is relatively small. In read and spontaneous
speech, virtually the same proportions of mergers
were observed (6.4 % vs. 6.7 %). A chi-square test
confirmed that the difference is statistically nonsignificant (χ2(1) = 0.06; p = 0.808).
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space were calculated. In this way, for each speaker
one Euclidean distance value was obtained
quantifying the contrast between the two types of
fricatives.
Figure 3 depicts the results for female and male
speakers, separated by age category. Acoustic
contrasts were larger for younger than for older
speakers (mean values of 5.09 and 4.18, respectively)
and, to a lesser extent, larger for females than males
(4.68 vs. 4.47). According to a two-way ANOVA
with speaker age and gender as factors, only the
former was statistically significant (F(1, 195) = 8.93;
p = 0.003; gender: F < 1). There was no significant
age x gender interaction (F < 1).

3000

4. DISCUSSION AND CONCLUSION

Figure 2: Distribution of CoG values for canonical
realization of /ç/ ([/ç/; ç]), /ç/ realized as [ʃ] ([/ç/; ʃ]),
and [/ʃ/; ʃ] for 32 merged pronunciation speakers.
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7000

CoG [Hz]

6000
5000

In this investigation, the overwhelming majority of /ç/
occurrences were actually produced with a palatal
place of articulation. At the same time, however,
spectral differences between canonically realized /ç/
and /ʃ/ were relatively small (cf. [18, 19]). In view of
the articulatory similarity and overlap as well as
perceptual similarity of the two phonemes, in [19]
conditions for a merger were considered to be good.
However, in the group of distinct pronunciation
speakers, acoustic-phonetic contrasts between the
palatal and the postalveolar fricative appeared to be
stronger in the younger than in the older generation.
This may be seen as evidence against a beginning
disappearance of the /ç/ phoneme from the
Norwegian sound system in spite of merging being
more frequent among younger speakers.
Further, only six merged pronunciation speakers
were consistent in their behavior (cf. similar results
reported in [2, 5, 7, 8, 14, 17]).
Previous studies have often found female speakers
to make clearer contrasts between sound categories
than males [3, 6, 9, 16, 23]. In this investigation,
however,
Euclidean
distances
in
the
DCT1xDCT2xDCT3 space were not genderdependent. All above-mentioned studies involved /s/
vs. /ʃ/ contrasts. Since gender-marking seems to be
restricted to the alveolar fricative, this can maybe
explain the absence of gender-specific effects for the
present /ç/-/ʃ/ contrast.
In conclusion, the results of this study have shown
that pronunciation of the Norwegian palatal fricative
/ç/ as [ʃ] is relatively rare, at least in formal recording
situations. There are no strong indications of
increasing use of the merger. Although mergers were
observed more often in younger vs. older speakers, in
the younger generation acoustic-phonetic contrasts
between canonical productions of /ç/ and /ʃ/ were
stronger. It seems safe to conclude that at present the
position of the Norwegian /ç/ is not endangered.

2000
1000

[ /ç/;ç ]

[ /ç/;ʃ ]

[ /ʃ/;ʃ ]

The second point of interest is whether merged /ç/
([/ç/; ʃ]) fully overlapped with [/ʃ/; ʃ]. Data showed
that, again, duration does not play a role for the
distinction (117 ms for the former, 107 ms for the
latter; χ2(1) = 3.357; p = 0.067). Additionally, CoG
values were close (4203 Hz vs. 4150 Hz; χ2(1) =
0.001; p = 0.981).
3.4. Speaker age and gender

< 40

> 40

< 40

> 40

4
3
2
0

1

Euclidean distance

5

6

Figure 3: Mean Euclidean distance in
DCT1xDCT2xDCT3 space between [/ç/; ç] and [/ʃ/;
ʃ] for 199 distinct pronunciation speakers (100 f; 99
m) aged under and over 40 yr, respectively. Error
bars indicate ± 1 standard error.

Females

Males

To investigate theFemales
effects of age andMales
gender, spectral
measures DCT1 to DCT3 were used. Calculations
were performed as follows. For each speaker, mean
values of DCT1 to DCT3 were computed for [/ç/; ç]
and [/ʃ/; ʃ] tokens separately. Next, Euclidean
distances separating them in the DCT1xDCT2xDCT3
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ABSTRACT

interaction between age and stress, with younger
speakers producing less linking /r/ than older ones in
unstressed-stressed contexts.
The diachronic evidence on the stability of /r/sandhi relies mostly on apparent time, which
assumes that there is little or no change in a person’s
accent after reaching adulthood. In apparent-time
studies, potential variation is observed across age
groups in a synchronic sample of speakers.
However, real-time studies allow for variation to be
observed via longitudinal studies [23]. Such studies
shed light on actual patterns of usage at different
periods of time in comparatively similar groups.
Moreover, they can also shed light on potential
changes in individuals across time. In fact, usagebased models of phonology [e.g. 4] predict that an
adult’s accent may show some adaptation in the
direction of community changes; and some evidence
suggests that speakers’ linguistic behaviour changes
throughout their lifespan [e.g. 3, 23], often shifting
towards linguistic changes within a community.

This study deals with the possible diachronic change
in the use of /r/-sandhi in a variety of non-rhotic
English (RP). A real-time study analyzed potential
linking /r/ productions in a group of speakers
belonging to different generational cohorts as well as
in the speech of an individual (Queen Elizabeth II)
over the course of various decades. The results
indicate some incipient change (decrease) in the use
of linking /r/ at both community and individual
levels. Data on intrusive /r/ were limited but point in
the direction of speaker-specific patterns of use that
may or may not conform to community-level trends.
Keywords: /r/-sandhi; linking /r/; intrusive /r/;
sound change; real-time approach.
1. INTRODUCTION
/r/-sandhi refers to the pronunciation of a rhotic
consonant between two adjacent heterosyllabic
vowels in non-rhotic English, as in here it is
[ˈhɪəәr‿ɪt ɪz] (cf. [hɪəә] elsewhere). This type of /r/sandhi is commonly referred to as ‘linking’ /r/,
although the former also encompasses ‘intrusive’ /r/,
a non-etymological r-sound as in Asia(r) and Africa
[ˈeɪʒəәr‿əәnd ˈæfrɪkəә]. The main difference between
both types of /r/-sandhi is purely orthographic and
etymological since they have the same distribution
patterns, phonological context – i.e. after [-high]
vowels – and hiatus-breaking function [17].
Research on /r/-sandhi has revealed that the latter
is highly variable and conditioned by various
prosodic-phonetic, structural and usage-based
factors [e.g. 6, 8, 12, 14, 18, 19, 21]. Yet, while high
variability exists at a synchronic level, little
evidence is available on its diachronic stability.
Some studies have looked at possible effects of age
in various non-rhotic accents. Foulkes [7], for
example, found that older Newcastle speakers
produced more linking /r/ than younger ones,
suggesting a sound change in progress. In contrast,
he found no effect of age in Derby. Hay and
Sudbury [14] found no influence of date of birth on
linking /r/ rates in New Zealand English; and Cox et
al. [6] found no main effect either on linking /r/ rates
in Australian English, yet they found an interesting

2. A REAL-TIME STUDY OF /R/-SANDHI
The current study addresses the diachronic stability
in /r/-sandhi usage at both community and individual
levels from a real-time perspective. It addresses the
following research question: is there any evidence of
diachronic change in the use of /r/-sandhi at
community and/or individual levels?
The phenomenon of /r/-sandhi was studied in
Received Pronunciation (RP), a standard variety of
English in England associated with the speech of the
middle and upper classes and regionally nonspecific, although most speakers are found in southeast England [26]. RP speakers can be considered as
part of a speech community insofar as such
communities do not have to be geographically
contiguous yet involve a shared dimension of
experience related to their members’ linguistic uses
and attitudes to language [24]. RP was chosen for
two main reasons. Firstly, it counts a large historical
record given its traditionally ubiquitous presence in
British broadcasting; and secondly, there is some
anecdotal evidence pointing to fluctuation in the use
of /r/-sandhi in this accent. In the mid-1950s, for
example, Jones [15] noted that while linking /r/ had
been “quite regular” (p. 112) up to then, many
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English speakers did not use it at all. Lewis [16]
thought that such speakers were a minority in the
1970s and Allerton [1] pointed out a tendency for
linking /r/ to be used less in news reading than in
older RP speakers’ informal speech, suggesting a
stylistic variable but also a generational trend. Yet
Bauer [2] found linking /r/ at a rate of 82.7% in
reading style in the mid-1980s and no evidence of a
diachronic shift in progress between older (born
before 1940) and younger speakers. However, 20-30
years later, linking /r/ rates were around 60-65% in
news reading [8, 19, 18, 21]. On the other hand,
intrusive /r/ usage would seem to be on the increase.
Lewis [16] noted a potential increase in its use in the
twentieth century. In an analysis of recordings
between 1949 and 1966, Bauer [2] found that RP
speakers born after 1940 tended to use intrusive /r/
more than older ones, although only two contexts
were analyzed. Moreover, intrusive /r/ rates range
from 20% to 40% in more recent studies using
broadcast data [8, 18, 19, 21].

1952, except for 1969), and almost complete (in
spoken version) dataset, with some added
advantages: QEII’s performance is genuine (she
speaks as the Queen), stylistically and
communicatively stable (formal, annual message to
her subjects) and represents non-pathological adult
speech: QEII was an adult (26 yrs.) in her first
message and the effect of aging on her voice quality
is obvious in more recent decades but otherwise
irrelevant. Compared with Harrington’s studies, the
current one substantially enlarged the time span
from 15 to 65 years (Dec. 1952-Dec. 2017). The
whole corpus amounts to ca. 37,000 words.
3.2. Procedure

The procedure consisted of the identification of
potential cases, their subsequent acoustic analysis,
and the categorical decision as to the presence or
absence of /r/-sandhi based on the acoustic evidence.
As a preliminary step, word-external spellingbased /r/-sandhi sites (e.g. <-r/-re> for linking /r/;
<a/-aw> for intrusive /r/) were identified
semiautomatically in a written version of the texts,
obtained with the speech-to-text software VoiceBase
(www.voicebase.com) and/or online transcripts.
The spelling-based /r/-sandhi contexts were then
analyzed acoustically, ruling out cases with a
perceptible pause since the latter prevents /r/-sandhi.
The final number of potential linking /r/ cases was
720 in the community-level corpus and 751 in the
individual corpus. Recordings from the early
twentieth century are often short and many cases per
speaker difficult to obtain. Yet 10 potential linking
/r/ cases were gathered per speaker from the same
year. Conversely, the number of linking /r/ cases in
QEII’s speech depended on the message, ranging
from 2 to 33 cases per year. Intrusive /r/ cases,
which are relatively rare, were identified in the
corpus obtained once all linking /r/ cases had been
identified, with 57 potential cases in the communitylevel corpus and 53 in QEII.
The acoustic analysis led to a categorical decision
as to the presence or absence of /r/-sandhi, which
displays graded features and variability. Moreover,
there are differences between /r/-sandhi and
canonical /r/ [20, 25]. Most studies, however, treat
/r/-sandhi as a binary variable: presence of
constricted /r/ vs. no/vocalized /r/. Following Pavlík
[21], a categorical decision was adopted based on
spectral characteristics (spectrogram), f0 changes
(pitch), and energy envelope (intensity), inspected
with PRAAT. Criteria for the presence of
postalveolar approximants – the most common
realization – included lowered F2 and F3 formants,
the regular structure of voicing pulses, and the

3. METHOD
3.1. Materials

Two different ad hoc corpora were compiled with
materials from online sources. The community-level
corpus included 72 speakers (36 males, 36 females),
aged 25-55. These were public figures or
newsreaders, their year of birth ranged from 1879 to
1990, and the spoken data from 1929 to 2017. Since
the time span is long (89 yrs.), the speakers were
grouped around the concept of demographic
generation/cohort, that is, people born within a given
period of time who experience the same significant
events. The cohorts identified were WW1 (18791900), WW2 (1901-1925), Silent (1926-1945), Baby
boomers (1946-1960), X (1961-1980), and
Millennials (1981-2000). Each cohort contained six
males and six females. The texts were scripted,
represent a non-spontaneous style (e.g. speeches,
news reading, etc.), and amount to ca. 58,000 words.
The individual-level corpus contained data from
Queen Elizabeth II (1926-), henceforth QEII. She
was chosen as her accent has shifted from a more
aristocratic form of RP towards a more mainstream
variety over the years [11, 22]. In fact, Harrington
and colleagues [e.g. 9, 10, 11] studied vowel
changes in QEII’s Christmas broadcasts from the
years 1952-1960 and 1995-2002. This revealed that
some vowel changes in RP (e.g. final prevocalic /ɪ/tensing) had also taken place over a 50-year period
in QEII’s speech. The current study also used QEII’s
Christmas broadcasts as they represent an
exceptionally regular, almost uninterrupted (since
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Fig. 3: Mean rate of linking /r/ by gender groups.

relatively stable pitch and intensity contours. As for
cases of lack of /r/, the most common realization is
glottalization rather than pure hiatus [18]. Thus,
typical acoustic cues for glottal stops (e.g. stop gap,
absence of f0, sudden energy change) and/or creaky
voice (lowered f0, decreased acoustic intensity,
irregularly spaced glottal pulses) were considered.
4. RESULTS AND DISCUSSION

Fig. 4: Mean rate of linking /r/ per year (ALR).

The analysis of the community-level corpus yields a
rate of 65% (n= 468) for linking /r/ vs. 35% (n= 252)
for its absence. QEII’s corpus had a rate of 75.9%
(n= 570) for linking /r/ vs. 24.1% (n= 181) without
it. The analysis below relies mostly on year of
production (YOP) at community and individual
levels, year of birth (YOB) at community level, and
related means. Considering these variables, we can
observe high variability in the production of linking
/r/ at community level (Fig. 1).

Finally, a GAM model was applied using the
variables mean year, mean date of birth, and mean
rate of linking /r/. This analysis shows that mean rate
of linking /r/ per YOP shows some statistical
significance (p= 0.045), with a (fluctuating) decrease
in the use of linking /r/ across time, although such
variation is conditioned by the high variability in the
data and no major conclusions can be drawn (Fig. 5).

Fig. 1: Linking /r/ at community level: YOB (1a)
and YOP (1b). Each dot represents an individual.
1a

Fig. 5: Mean rate of linking /r/ per YOP (GAM).

1b

As for QEII’s data, a logistic regression was carried
out considering 26 linguistic and phonetic variables
as well as YOP. This revealed that only 13 variables
had a p-value ≤ 0.1 and only seven had a p-value ≤
0.05, although YOP was none of them (p-value =
0.13). Following the logistic regression, a random
forest classifier was carried out, with data randomly
split into training (80%) and testing (20%) at each
interaction. A total number of 500 trees were
calculated, with 5 randomly selected split variables
at each node. Finally, given that the p-value of the
YOP variable was near 0.1 in the logistic regression
and its Gini value was very high in the random
forest, the YOP variable was added to the best
model previously determined by the glmulti
algorithm in a second logistic regression derived
from the random forest analysis. This added little
variation in the degree of overall model fit with
respect to the model without the YOP variable: the
chi-square goodness-of-fit p-value was 0 and the
coefficients of determination were not particularly
low (Hosmer-Lemeshow R2 = 0.33; Cox & Snell R2

Moreover, a Kruskal–Wallis test showed no
statistically significant differences in the mean rate
of production across cohorts (P= 0.22), although
males seem to produce more linking /r/ (Fig. 2).
Fig. 2: Mean rate of linking /r/ across cohorts.

The same applies when the data are specifically
analyzed by gender group (Fig. 3).
Next, an adjusted linear regression (ALR) also
showed that YOP is not a good predictor of linking
/r/ (R2 = 0.21) yet the graphic shows some decrease
over time (Fig. 4).
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= 0.30; Nagelkerke R2 = 0.46). We then calculated
the odds ratios together with their confidence
intervals, although YOP does not have an effect on
the use of linking /r/ in the model.
In order to further explore the YOP variable and
linking /r/ rates, a linear regression test was carried
out next (Fig. 6).

speech apart from her own cohort and later ones.
Although the data are rather limited to draw any
conclusions, intrusive /r/ was found at a rate of
21.1% (12/57 cases) in the community-level corpus.
Interestingly, it was rare in the two cohorts born
before 1926 (i.e. WW1 and WW2), occurring at a
rate of 5.9% in these cohorts (1/17). Yet intrusive /r/
is more common in later generations with a 26.7%
rate among Silent (4/15), Baby Boomers (3/8), and
X (3/9) members, with a slight decrease to 12.5%
among Millennials (1/8). QEII has a rate of 0%
intrusive /r/ in her corpus. The formal register of the
broadcasts cannot explain by itself the absence of
intrusive /r/ since the community-level corpus can
also be described as formal speech. In any case, the
formal nature of the two corpora may explain why
intrusive /r/ rates are so low. Future studies should,
determine whether register/style conditions intrusive
/r/ production. Intrusive /r/ rates, for example, could
be higher in spontaneous speech since the speakers
may be less speech-conscious.
Other than speech register/style, gender could
explain inter-speaker variation. Most previous
studies on /r/-sandhi in RP [8, 19, 21] have found no
general gender effect and the data from the
community-level corpus are too few to draw any
conclusions on the use of intrusive /r/ by gender,
although males produced 7 out of the 12 cases. Yet
the three speakers in Hannisdal’s study [8] that
avoided intrusive /r/ altogether were female, which
is consistent with the fact that female speakers tend
to use a higher proportion of prestige forms and
fewer stigmatized forms than men, particularly in
formal speech [5]. Being a female speaker and
certainly very speech-conscious during her
Christmas broadcasts may explain why QEII avoids
intrusive /r/ use altogether since the latter has
traditionally carried some degree of stigmatization
[26].

Fig. 6: QEII’s mean linking /r/ rate per YOP: all years.

Mean rates of linking /r/ per YOP in Figure 6
suggest some decrease in the use of linking /r/ over
the years. However, the results reveal that YOP is
not a good predictor of linking /r/ (R2 = 0.05), given
that R2 values close to zero suggest that the model
explains none of the variability.
The lack of a strong YOP effect in QEII’s speech
may be obscured by the small number of potential
linking /r/ cases in some years. Thus, given that the
range of cases is 2-33, a second linear regression
was conducted excluding the years with fewer than 8
(first quartile) potential cases (Fig 7). The results
reveal that YOP is still not a predictor of linking /r/
production (R2 = 0.01).
Fig. 7: QEII’s mean rate of linking /r/: selected years.

5. CONCLUSION
The current real-time study has revealed some
evidence on what could be considered to be an
incipient sound change in the use of /r/-sandhi in RP,
with a decrease in the use of linking /r/ and a slight
increase of intrusive /r/ over time. The study has also
shown that a given individual can show changes
over time, either conforming to community-level
patterns (e.g. QEII’s linking /r/) or diverging from it
(QEII’s intrusive /r/). Yet the data analyzed show
great variability and no definite conclusions can be
drawn until further studies with more speakers and
cases per year are conducted. The study of
spontaneous style/register should also shed light on
the use /r/-sandhi over time.

Comparing the community-level results with those
of the idiolectal corpus (QEII), there seems to be
some tendency over the years to produce less linking
/r/ in both corpora. This could point to an incipient
sound change in progress at both community and
individual levels. Yet the tendency is not strong and
statistically non-significant in most cases, suggesting
that prosodic-phonetic factors, linguistic and usagebased factors may condition, instead, the high
variability observed in the data [see e.g. 18, 21]. As
for QEII’s overall linking /r/ rate, it seems to be
typical of her gender and cohort (Silent). In contrast,
QEII’s intrusive /r/ usage might seem to set her
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ABSTRACT

tem, where LOT is merged with PALM, and is distinct
from THOUGHT. Both systems represent a change
from an older “3-D” system (although some NYC
speakers maintain this older system, with PALM being higher and backer than LOT [13]).

There are several ongoing sound changes in the
Eastern New England (ENE) English dialect region of the United States, including the backing of
START and PALM , and mergers of NORTH / FORCE
and MARRY/MERRY/MARY. Prior work has suggested that these changes are advancing faster in
Northern ENE, particularly New Hampshire, compared to Boston, Massachusetts, which may be due
to an ideological urban vs. rural split. The current
work examines these changes in the Jewish community in Northern ENE, which has stronger links
to the urban centers of both Boston and New York
City compared to the non-Jewish community. Jewish speakers are advancing faster on one change,
START / PALM backing, suggesting that a more complex view of intraregional ties and attitudes towards
urban centers are needed to explain the changes in
Northern ENE.

Figure 1: Eastern New England

ENE also maintains some pre-rhotic distinctions
lost in other dialects of American English. NORTH
and FORCE are distinct, with NORTH being lower
and/or laxer than FORCE ([O] vs. [o]; or [6] vs. [o];
these classes are variably rhotic [20, 9]). In addition,
MARRY , MERRY , and MARY are all distinct ([ær],
[Er], and [er]). It shares this latter feature with NYC
English, but not the former.

Keywords: sound change, variation, New England
English
1. INTRODUCTION
Recent work has documented changes in the Eastern New England (ENE) English dialect region in
the United States. Geographic factors, ethnicity,
and ideological and actual links to Boston, Massachusetts, are affecting the spread of these changes
in the region [11, 12, 20]. The current study is a preliminary exploration of the role of (ethno-) religious
identity1 in these changes; specifically, how the Jewish community in areas north of Boston is or is not
participating in these changes.
ENE includes New Hampshire (NH), Eastern
Massachusetts (MA), and Southern Maine [7, 20];
see figure 1. ENE shows several differences from
its neighbors, including New York City (NYC) English. First, ENE merges LOT and THOUGHT, with
the merged category realized as either [A] or [6].
This class is distinct from PALM and START (which
may be rhotic or non-rhotic), which are realized with
a fronter [a]. In contrast, NYC English has what
Johnson [5] calls the Mid-Atlantic/Inland North sys-

Nagy [11] and Stanford et al. [20] have found that
these features are undergoing changes in ENE, particularly in areas north of Boston. Nagy [11] found,
in a self-report survey, that more people in NH
had merged LOT/PALM, and MARRY/MERRY/MARY
compared to people from eastern Massachusetts.
Stanford et al. [20], in a production study in Northern NH, found a sharp age divide for PALM, with
younger speakers having a backer PALM, closer to
LOT / THOUGHT . There was less of an age divide
for START fronting and the NORTH /FORCE distinction, with younger speakers being more likely to
produce, respectively, backed and merged variants,
but not significantly so, compared to older speakers. These two changes thus appeared to be slightly
less advanced than PALM backing. In addition, all
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report data [4, 6]. It has been proposed that, in addition to the presence of New Yorkers in these communities, an ideological link between “New York”
and “Jewish” in the US can explain the presence of
these features.
Based on claims from Nagy [11] and Stanford et
al. [20], greater links with Boston and New York
should help preserve the MARRY/MARY/MARY
distinction among Jewish speakers.
The
NORTH / FORCE merger and the backing of START
and PALM may be more complicated, with connections with Boston potentially slowing these changes,
and with New York accelerating them.
However, the actual behavior of the Boston Jewish population may complicate this picture. A study
of Boston English from the 1970s found differences
in the vowel used in NORTH, with Jewish speakers
being more likely than Irish and Italian speakers to
use [o] instead of [6], resulting in a merger with
FORCE . A more recent study of Boston [19] likewise
found differences between Jewish and non-Jewish
White speakers, with Jewish speakers having backer
START and PALM , and a greater degree of merger in
MERRY / MERRY / MARY and NORTH / FORCE , compared to non-Jewish White speakers. In these cases,
links with the Boston Jewish community specifically
would accelerate these changes.
This study presents a preliminary study of the
Jewish population in Northern ENE to examine
whether Jewish speakers, with their increased links
to Boston, are leading or lagging in these changes.
The result will give us a clue as to which is a greater
factor in these changes: links to urban areas more
broadly, or links, to specific groups within those urban areas.

of the younger speakers showed a three-way merger
between MARRY/MERRY/MARY, as did a majority
of the older speakers, suggesting a more advanced
change compared to the others.
Both of these studies proposed that ideological
and actual links with Boston, or a broader urban
(Boston and MA) vs. rural (NH) distinction, were
factors in these changes. Nagy [11] proposed that
Southern NH’s closer proximity to Boston makes
Boston a greater ideological threat than it is in
Northern NH, prompting more divergent linguistic
behavior in the south compared to the north. Stanford et al. [20] suggested that changes in Northern
NH reflect a desire for a “modern Northern New
England” identity, distinct from that of both Bostonians and older, rural, “backwoods” people.
The Jewish population in areas north of Boston
provide an interesting case study to investigate the
role of links with urban centers in sound change in
ENE further, as the community there has increased
actual and ideological links to Boston, New York
City, and urban areas more generally.
Jewish people in the United States overwhelmingly live in urban areas [18]. This is true in ENE,
where the bulk of the Jewish population is concentrated in Boston, and in more urban suburbs within
the MA-128 Beltway [2]. In NH, the majority of
the Jewish population can be found along the more
urbanized I-93 and I-95 corridors (which also provide commuter access to Boston) [2]. In Southern
Maine, the Jewish population is concentrated in or
in the immediate suburbs of the area’s largest city,
Portland [17].
The Jewish population in Southern NH and Maine
also have large numbers of non-locals, from Massachusetts and New York in particular. Recent, formal data is not available (the US Census does not
ask about religion), but a survey of Jews in the
greater Manchester area in 1983 found high numbers of non-locals, with 53% reporting that their residence in the last 5 years was outside NH [16]. A
2007 survey of the Jewish community in Southern
Maine found that only 18% were born there, with
greater numbers from MA (19.1%) and New York
(18.7%) [17]. In comparison, 66% of Mainers as a
whole were born in Maine, with only 8% from MA,
and 3% from New York [1].
The Jewish community in Northern ENE thus
has a greater number of actual, interpersonal links
to people from both MA and New York. There
are also likely ideological links as well. Previous
work on Jewish English has found features of NYC
English used outside of New York by Jews in the
United States, based on both production and self-

2. METHODOLOGY
Interviews were conducted in the Seacoast region of
Northern ENE, defined as the two coastal counties
of NH (Rockingham and Strafford), and neighboring
counties in Maine (York and Cumberland) and MA
(Essex). The counties are shown in a lighter color
in figure 1. The 14 participants examined here were
all white, non-mobile ENE speakers who were born,
raised, and spent the majority of their adult life in
the region. 6 were Jewish (2 male), and 8 were not
(4 male); the participants were 18 to 70 years old.
The interviews took the form of a sociolinguistic interview. First, participants talked with the interviewer about their life in the region, and feelings about urban and rural areas. Participants were
prompted to tell a narrative of personal experience [8] and narrate a wordless picture book [10].
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Participants then read two reading passages (Comma
Gets a Cure, and a reading passage on New England
winters used in [20]), a wordlist, and six sentences
(both the same as in [20]). The following is an analysis of the read speech (reading passages, word list,
and sentences).
The passages were aligned using FAVEalign [15]. Boundaries of the target vowels were
hand corrected, and Lobanov-normalized formant
values were extracted from the midpoint of the
vowel using FAVE-extract [15]. The maximum
number of tokens per participant was 95, for 1,330
possible tokens; however, this included words like
for and or which are variably in the NORTH class.
Excluding reduced forms of these words, along
with disfluencies, and very short tokens excluded by
FAVE, brought the total number of tokens to 1,143.
Linear mixed-effects models were built using
lme4 [3] in R [14] comparing (1) the F2 of the low
vowels START, MARRY, and LOT; (2) the F1 and F2
of the back vowels, NORTH and PALM and (3) F1 and
F2 of the front vowels MARRY, MERRY, and MARY.
Each model initially included fixed effects of gender (binary here), religion (Jewish or not), age (binary here; older or younger than 45), and word class.
Two- and three-way interactions between religion,
age, and word class were included. A main effect
of gender was included, as was an interaction with
word class, but gender was not crossed with either
age or religion due to the smaller number of men.
Random intercepts for subject and word were included. Effects which did not significantly improve
the models (assessed via log-likelihood ratio tests)
were removed. Where possible, significance was assessed using log-likelihood ratio tests of the model
with and without the effect; where not (main effects
present in interactions; factors with more than two
levels), effects with a t value of > |2| were taken to
be significant.

Figure 2: F1 x F2 by age, religion; low vowels.
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There was a significant effect of religion, with
PALM (β = −141.33, sd = 53.34, t = −2.65) and
START (β = −129.69, sd = 44.74, t = −2.90) be-

ing backer for Jewish speakers compared to nonJewish speakers. There was a significant age effect,
with the younger speakers also having backer PALM
(β = −104.60, sd = 47.03, t = −2.22) and START
(β = −117.72, sd = 39.67, t = −2.97) than older
speakers. Finally, there was a significant three-way
interaction between age, religion, and word class
(p = 0.001588) with the difference between older
and younger Jewish speakers being smaller than for
the non-Jewish speakers for both PALM (β = 210.70,
sd = 71.20, t = 2.96) and START (β = 189.11,
sd = 60.15, t = 3.14). As can be seen in figure 2,
and from the main effect of religion, this appears
to be because the Jewish speakers, particularly the
older ones, are more advanced in the backing of
both START and PALM than the non-Jewish speakers. This finding shows that Jewish Northern ENE
speakers are like their Boston counterparts in being
ahead on this change compared to non-Jewish White
speakers.
3.2. Front vowels

Figure 3 shows the front vowels, MARY [er], MERRY
[Er], and MARRY [ær] (with BATH [æ] provided for
reference).

3. RESULTS

Figure 3: F1 x F2 by age, religion; front vowels.

3.1. Low vowels

Figure 2 shows the low vowels, START [ar], PALM
[a], and LOT [A] (with THOUGHT [O] provided for
reference).
The final model for F2 for START, PALM, and LOT
included a three-way interaction between religion,
age, and word class, and random intercepts by participant and word. START was significantly fronter
than LOT (β = 106.64, sd = 47.33, t = 2.25), but
PALM was not (β = −43.71, sd = 59.85, t = −0.73).
This replicates earlier work suggesting that PALM is
backing faster than START [20].
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and MARY. The final model for the front
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more data may be needed here. None of the fixed
effects were significant for F2.

vowels for F1 included two-way interactions between religion and word class, and age and word
class, and random intercepts by subject and by
word. Younger speakers had higher MARRY, indicating a more merged production (β = −37.652,
sd = 18.218, t = −2.067). Jewish speakers had a
lower MERRY (β = 46.011, sd = 19.826, t = 2.321).
The final model for F2 included a two-way interaction between word class and gender, and a main
effect of age. Younger speakers had backer productions (β = −34.10, sd = 16.24, t = −2.013, p =
0.04388), as did men (β = −104.08, sd = 37.67, t =
−2.763). The significant interaction between word
class and gender (p = 0.009641) appeared to be
driven by a fronter MERRY from men (β = 165.86,
sd = 55.52, t = 2.987).
In general, this change appears to be more advanced than START and PALM fronting, as can be
seen by the overall lack of a main effect of word
class in the models for F1 and F2, and in examining figure 3. The significant interactions from the
models can be seen: the older speakers have a lower
MARRY compared to MERRY and MARY ; the Jewish speakers also have a backer MERRY compared
to MARY and MARRY. However, the mean F1 and
F2 for all three word classes are quite close for
all speakers, with MARRY in particular being quite
high, even among older speakers.

4. DISCUSSION AND CONCLUSION
For MARRY, MERRY, and MARY, the change may
be too far advanced to see differences based on social factors, with most speakers showing a merged
system. Likewise, the NORTH /FORCE split may be
too early, with most speakers showing at least some
separation between the classes. Alternatively, more
data from more speakers may be needed to see these
effects.
These data do show that Jewish speakers from
Northern ENE are leading on the backing of START
and PALM. Increased links with both Boston and
New York City may be the cause. Although
Boston overall is more conservative in having a
more fronted vowel in START and PALM compared
to Northern ENE, Jewish speakers from Boston are
more advanced on this change compared to nonJewish speakers. This means that higher numbers
of people from Massachusetts, particularly those
from Boston or its immediate suburbs, in the Jewish community in Northern ENE may be speeding
the change towards backed variants, rather than inhibiting it. The higher numbers of people from New
York may also be accelerating this change in the
Jewish community. Although some work describes
NYC English as having a merged LOT and PALM,
other work has suggested that PALM is higher and
backer than LOT. Future analyses are planned to
examine the vocalic systems of Jewish community
members in ENE who are from New York City, to
see if they in fact show these characteristics and
thus, if those features are available as a linguistic resource for locally-born community members. In addition, these increased links are somewhat speculative and based on the demographic characteristics of
the group described in the introduction; a more detailed analysis of attitudes towards and contact with
Boston and New York as discussed in the interview
is planned for the future.
For the Jewish community of Northern ENE increased links, both personal and ideological, with
the urban centers of Boston and New York appear
to be accelerating, rather than inhibiting, at least
some changes away from traditional ENE features.
This is contrast to what has been claimed for the region more generally, where closer links to Boston
have been proposed to slow down these changes. A
more nuanced view of connections to urban centers
is needed here, and potentially, among other groups,
to explain the spread of changes in the region.

3.3. Back vowels

Figure 4 shows the back vowels, FORCE, [Or] and
FORCE [or] (with NORTH [O] and THOUGHT [A] provided for reference).
Figure 4: F1 x F2 by age, religion; back vowels.
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Both F1 and F2 were examined for NORTH and
The final model for F1 included main effects by gender and word class. NORTH was lower
than FORCE (β = 49.470, sd = 21.544, t = 2.296,
p = 0.02316). Men had overall lower productions
(β = 25.718, sd = 6.418, t = 4.007, p < 0.001). The
lack of an age effect suggests a general lack of a
change in progress, although figure 4 does appear to
show some more merger among younger speakers;
FORCE .
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The status of Jewish identity in the United States as an
ethnic and/or religious one is complex, and beyond the
scope of this paper. Prior work on the region has framed
it as an ethnic distinction; this paper will refer to it as a
religious difference.
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motivation for the current study. The main aim though
is to determine whether parameterisation of tonal F0
trajectories over disyllabic words offers better FVC
performance than the typically monosyllabic
parameterisation. This is motivated by a relatively
recent study demonstrating improvements in
Cantonese FVC applying this approach [16]. The
likelihood ratio approach (LR approach) is used to test
to what extent this applies to disyllabic words in
Vietnamese as well. The performance of the disyllabic
F0 parameterisation for two test words and their
constituent syllables are evaluated separately in terms
of their validity (accuracy) and reliability (precision).

ABSTRACT
The paper presents a preliminary investigation of the
performance of acoustic-phonetic based forensic voice
comparison features derived from tonal fundamental
frequency (F0) trajectories parameterised over
disyllabic words, rather than individual syllables as is
typically done. Its aim was to see whether the
disyllabic parameterisation led to any improvements in
the validity and reliability of the voice comparison
using speech data from 10 native Vietnamese speakers.
Polynomial functions were modelled to speakers’ raw
F0 trajectories and feature vectors constructed from the
model coefficients. Likelihood ratios were calculated
using the multivariate kernel density likelihood ratio
(MVKD-LR) formula and performance assessed using
the log-likelihood ratio cost function (Cllr) (measured
in bits) and Bayesian credible interval (BCI). The best
performing disyllabic system achieved a Cllr of 0.40,
representing a 0.15 and 0.25 bit improvement in
validity over the syllable based systems.
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1.1

The likelihood ratio approach

The LR approach is increasingly recognised as
logically and legally correct framework for assessing
voice evidence [5, 15]. LR-based FVC involves
calculating p(E|Hss) the probability of the voice
evidence (ESp) assuming it originates from the same
speaker (Hss) vs. p(E|Hds), which is the probability
assuming the samples are from different speakers
(Hds). These are expressed as ratio of conditional
probabilities: p(ESp | Hss)/p(ESp|Hds). The numerator of
the LR expresses the similarity between the suspect
and offender samples, divided by their typicality [14].
The result is a measure of the relative strength of
evidence in favour of one of the hypotheses. The LRs
direction and magnitude are proportional to the
strength of evidence: an LR greater than unity (i.e. 1)
gives support in favour of Hss, while an LR less than
unity supports Hds. On a logarithmic scale, loglikelihood ratio values < 0 favour the Hds and those > 0
support Hss.

INTRODUCTION

Fundamental frequency (F0) is a commonly used
feature in acoustic-phonetic approaches to forensic
voice comparison (FVC). A majority of previous work
examining F0 in FVC has focused on the potential of
so called long-term F0 features, based on the long term
mean or other distributional characteristics of
speakers’ F0 (e.g. [6,7]). This focus is largely a
consequence of the languages explored, where the
function of F0 is primarily non-linguistic. Likelihood
ratio-based (LR-based) FVC studies examining the
potential of tonal acoustics are relatively few. Those
that exist are for Cantonese (e.g. [8, 16, 19]) and Thai
[13]. These studies have shown features based on
speakers’ tonal F0 trajectories from monosyllables to
perform relatively poorly, unless combined with other
features.
Since languages differ in the way speaker-specific
information is encoded, it is important to test features
independently for different languages [14]. There are
no existing LR-based FVC studies for Vietnamese
based on acoustic-phonetic features; this is one

1.2

Vietnamese tonal system

In this study speech data was elicited from Vietnamese
speakers from the Da Nang region, Viet Nam. The
tonal system of speakers from this region have been
categorised as speakers of the Southern Vietnamese
dialect [18], however, differences in the realisation of
tones in terms of contrastive laryngeal features are
noted [18, p.75]. The register and contours of
Vietnamese tones reported for Da Nang speakers are
summarised in Table 1 (adapted from [18]).
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2.3
tone
name
ngang
sắc
huyền
hỏi ~
ngã
nặng

Register/
Contour
mid-level
high-rising
low-falling
mid-concave

Tone
numbers
33
35
21
214

low

212

Phonation
type
modal
modal
modal
+glottal ~
+creak
+creak

LRs were calculated using the Multivariate Kernel
Density LR (MVKD-LR) procedure [1]. Testing
involved partitioning speakers into test pairs for
different-speaker (DS) comparisons and same-speaker
(SS) comparisons then calculating a LR for each test
pair. Given 10 speakers, a total 90 DS and 10 SS
comparisons were possible. The small number of
speakers meant that a separate training, test and
background database was not used. Instead leave-oneout cross-validation (LOOCV) was applied. For the
DS comparisons, this involved removing the speaker
pair being tested from the background sample; for the
SS comparisons only the speaker being tested was
excluded.
Logistic-regression calibration [4], commonly
applied to FVC LRs, was used to calibrate the LRs and
transform the output scores to LRs. Calibration is
necessary because the raw output LRs of the MVKDLR formula are typically poorly calibrated [11].
Further, the output LRs are in fact scores quantifying
the similarity of the differences between samples with
respect to their typicality, rather than true LRs [10].
Again, given the small dataset a cross validation
procedure was used to derive the calibration weights.

Table 1: Vietnamese tones and corresponding
phonation types. Tone numbers indicate the relative
pitch of the tones between targets (scale is 1-5).

2
2.1

METHODS
Data, speakers and elicitation

Two non-contemporaneous voice recordings were
elicited from 10 female speakers all aged between 18
and 20. The recordings were made using a Zoom©
H4 hand recorder sampled at 44.1 kHz. The
elicitation was designed to emulate the missing
information task described in [12], which is intended
to elicit controlled but relatively natural, running
speech. In the present study, the participants’ task was
to alternate asking questions to complete a
motorcycle price list. For example, participant A,
might ask ‘Honda XR50R địa chỉ người bán là gì?’
(‘What’s the address of the Honda XR50R seller?’),
and participant B respond ‘4 Phạm Ngũ Lão, Đà
Nẵng’ (‘4 Pham Ngu Lao street Da Nang’). For this
preliminary study only two disyllabic words were
selected from the resulting speech corpus: /ɗie212 ci214/
(address) and /ŋɯɤj21.ɓan35/ (seller), both
constituents of the same noun phrase: địa chỉ người
bán, (‘[the] seller’s address’). In total 10 tokens for
each speaker (five per session) for each word were
identified aurally and extracted for further processing.
2.2

MVKD-LR Estimation and calibration

2.4

Evaluation of performance

The log-likelihood ratio cost function (Cllr) [4] was
used to evaluate system validity. Cllr measures
information loss in bits. It provides a gradient
measure of system accuracy reflecting the overall
strength of evidence yielded by the FVC system,
rather than simply the proportion of SS and DS
comparisons correctly classified; the latter typically
qualified by the Equal Error Rate [9]. Cllr penalises
systems more for high contrary-to-fact LRs (i.e.
systems with poor validity). Optimum validity is
achieved when Cllr = 0 and decreases as Cllr
approaches and exceeds 1 [9].
The Bayesian credible interval (BCI), the
Bayesian equivalent of confidence intervals, assesses
reliability. The method used to calculate the credible
interval for these experiments follows [9]. The BCI
requires at least two LRs for each unique comparison.
Since there are only two recordings it was not
possible to calculate a BCI for the SS comparisons.
Therefore, the BCI could only be estimated for the DS
comparisons.

Feature extraction and parameterisation

Raw F0 values were extracted in Praat [1] using the
autocorrelation method [2]. This was done for a total
of 10 tokens (five per session) for each disyllable and
constituent syllables for each speaker. F0 then was
sampled at 10% intervals and polynomial functions
fitted to the trajectories. The feature vectors for the
FVC were subsequently derived from the polynomial
model parameters. Selection of the order of
polynomial and duration base (equalised vs.
unequalised) in each case (i.e. for each test word and
constituent syllable) was determined empirically by
generating LRs and choosing the feature set
exhibiting the highest validity. The specific methods
applied are detailed in the remaining subsections.

3

RESULTS

The results for the best performing feature
combinations for each disyllable and their constituent
syllables are given in Table 2. The Cllr value represents
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Figure 2: Tippet plot /ɓan35/

the lowest achieved from iterative FVC testing of the
coefficient parameters from different polynomial
orders (1-7), as well as duration base combinations.
Syllable/disyllable
/ŋɯɤj21/
/ɓan35/
/ŋɯɤj21.ɓan35/
/ɗie212/
/ci214/
/ɗie212 ci214 /

Cllr
0.80
0.55
0.40
0.80
0.95
0.80

BCI
±1.68
±10.15
±4.61
±1.37
±0.87
±2.88

features
a1,2*
a1,2 *
a0,a1,2,3,4,5,6*
a0,,a1 *
a1,2 **
a1,2,3,4,**

Table 2: Results for best performing F0 trajectory
features. a0 = intercept, an = polynomial coefficient
term; * = unequalised duration, ** = equalised
duration.

Figure 3: Tippet plot /ŋɯɤj21.ɓan35/

In the results, we focus on the relative performance
of syllable vs. disyllabic parameterisation for each test
word. For /ŋɯɤj21.ɓan35/, the lower Cllr value for the
disyllabic parameterisation of the F0 trajectory in
Table 2 indicates this system on the whole is delivering
better strength of evidence than its constituent syllable
based systems. A Cllr of 0.40 is achieved, representing
a 0.15 and 0.25 bit improvement in validity over using
the F0 trajectories from constituent syllables
individually.
Notable too is a considerable narrowing of the BCI
relative to the F0 trajectory over /ɓan35/ (±4.61 vs.
±10.15), indicating an increase in system reliability in
the disyllabic condition. Though wider than for
/ŋɯɤj21/ (BCI = ± 1.68), this is offset by the superior
validity of the disyllabic system (Cllr = 0.40 vs. 0.80).
The comparative performance of the syllable vs.
disyllabic systems can also be appreciated visually in
the tippet plots in Figures 1-4. For all figures, the
cumulative proportion of trials is plotted on the y-axis
against the LR (log10) on the x-axis.

Figure 4: Tippet plot /ɗie212 ci214 /

Figure 1: Tippet plot /ŋɯɤj21/

The magnitude of the log10LR is proportional to the
strength of evidence in support of the same-speaker
(Hss) and different speaker hypotheses. LR values less
than 0 favor the DS hypothesis and those greater than
0 favor the SS hypothesis. In Figure 3, the solid black
line (indicating the DSLRs) saturates towards zero far
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discrimination. Again, this is a similar situation for
Cantonese FVC using tonal F0 based on monosyllables
[8]. Notable too in the present study are the reasonably
large performance differences between tonal F0
trajectories for different constituent syllables.
This suggests that different tones may be better for
discrimination than others. This has been demonstrated
in FVC studies using tonal F0 in Thai ([13, 17]) and
likely applies to Vietnamese tones as well. For the
present data the tones do not occur in the same
segmental environments so it is not possible to say
which particular tone may be optimal for
discrimination, since the role of intrinsic consonantal
and vocalic influences on F0 cannot be separated. This
is one limitation of the study.
Another is the small sample size used (only 10
speakers). The size of the reference population is
important to ensuring accurate LRs, since it determines
how well the probability densities of within- and
between-speaker variation are modelled. The limited
sample size could therefore be over or underestimating
system validity. This is something that can only be
addressed with a larger study involving more speakers.
This study tested the FVC performance of acousticphonetic based features for Vietnamese for the first
time. It demonstrated some preliminary evidence that
monosyllabic F0 trajectories yield relatively poor
performance, though this can be improved by
combining the trajectories of two tones i.e. through a
disyllabic parameterisation. LR-based FVC is in
practice based on more than a single acoustic feature
vector. Therefore, fusing the output of the F0
trajectories with additional features from the test
words, such as the F-pattern, would likely also improve
performance. It is apparent though that better
performance would be obtainable if the disyllabic F0
trajectory were used in this fusion. Future work is
required to determine the discriminatory power of
individual tonal F0 trajectories to inform the selection
of disyllabic words for FVC in Vietnamese.

slower than those in Figures 1 and 2, indicating the
comparisons evinced comparatively greater strength
evidence than the syllable based comparisons. The
same is true to a slightly lesser degree for the SSLRs.
The results for the second test word /ɗie214.ci214/
lend somewhat less support for the superiority of
disyllabic parameterisation in terms of FVC
performance. Here, while the disyllabic system
showed a 0.15 bit improvement over the syllable based
F0 trajectory for /ci214/, there is no improvement over
/ɗie212/ - both the latter and the disyllabic system evince
a Cllr of 0.80. However, in the disyllable F0 trajectory
system (Figure 4) an improvement in the strength of
evidence for the DSLRs was apparent. Indeed, the
maximum DSLR obtained from /ci214/ and /ɗie212/ were
log10LRs of ~-3 and ~-4 respectively, whereas in the
disyllable system it reaches a maximum log10LR of
nearly -8.
Nonetheless, the results are nowhere near as good
as for first test word (Cllr = 0.40 vs. 0.8). This is
perhaps not surprising given the F0 trajectories for
both constituent syllables yielded poor validity.
Indeed, /ci214/ offered the worst validity with Cllr close
to 1 (Cllr = 0.95). While comparatively better validity
is found for /ɗie212/, the Cllr of 0.80 is indicative of
poor discrimination between same and different
speaker pairs. It is also worth noting there are a
performance differences associated with F0
trajectories for the individual constituent syllables: the
low-falling tone (/ŋɯɤj21/) and low tone (/ɗie212/) both
had a Cllr of 0.8, the high-rising tone (/ɓan35/) 0.55 and
mid-concave (/ci214/) 0.95.

4

DISCUSSION & CONCLUSIONS

These preliminary results provide evidence that basing
feature vectors for the MVKD-LR on disyllabic tonal
F0 trajectories does yield better performance than a
syllable based parameterisation. While this was clearly
the case for the disyllabic word /ŋɯɤj21.ɓan35/, it was
not so clear for /ɗie212.ci214/. For the latter, no
improvement (in terms of validity) was seen in the
disyllabic condition over the /ɗie212/ F0 trajectory
features – though it did improve substantially on the
tonal F0 features obtained from /ci214/ and an
improvement in the magnitude of DSLRs was
apparent. These results are similar to those observed
for Cantonese, where improvements using tonal F0
trajectories from disyllabic words over monosyllables
have been demonstrated [16].
The monosyllabic based F0 trajectories in the
Vietnamese experiments present here showed quite
poor FVC performance in terms of validity. Cllr values
were typically close to 1, indicating relatively poor
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ABSTRACT
Studies that quantify speech tempo on acoustic
grounds typically use one of various rate measures.
Explicit comparisons of the distributions generated
by these measures are rare, although they help assess
the robustness of generalisations across studies;
moreover, for forensic purposes it is valuable to
compare measures in terms of their discriminating
power. We compare five common rate measures
―canonical and surface syllable and phone rates,
and CV segment rate―calculated over fluent
stretches of spontaneous speech produced by 30
English speakers. We report deletion rates and
correlations between the five measures and assess
discriminating powers using likelihood ratios.
Results suggest that in a sizeable English corpus
with normal deletion rates, these five rates are
closely
inter-correlated
and
have
similar
discriminating powers; therefore, for common
analytical purposes the choice between these
measures is unlikely to substantially affect
outcomes.
Keywords: phonetics, forensic speaker comparison,
speech tempo, correlations, likelihood ratios.
1. INTRODUCTION
Studies that quantify speech tempo through signalbased measurements tend to use one of many
available measurement techniques. Researchers
choose what to count—words, syllables, phones, or
derived units such as C and V segments [8, 25]—and
what temporal domains to count in—total speaking
time including or excluding pauses, or stretches of
speech such as clauses, intonation phrases,
interpause stretches or memory stretches [6, 15].
When counting syllables or phones, researchers can
count units as expected in canonical pronunciations,
or as actually observed in their data [18].
These different measurement techniques can
yield different figures for subsets of instances,
depending on the phonology of the language and on
individual speaker characteristics. However, direct
comparisons are rare: typically, studies present the
outputs of one technique only, and studies that do
refer to multiple techniques do not necessarily report
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on correlations between their outputs. For one thing,
this can make it difficult to compare tempo figures
across studies [15]; for another, it can leave in doubt
the robustness of reported data patterns.
One context in which comparison of measures
has taken place is that of forensic analysis, in which
tempo is a candidate parameter for voice comparison
[10]. Here, the aim is to establish the relative
discriminating power of available measurement
techniques. [19] reports (for German) that ‘speech
rate’ calculated over stretches of speech including
pauses and hesitations shows more speaker-internal
variation than ‘articulation rate’ calculated over
fluent stretches of speech only; therefore,
articulation rate has greater speaker-discriminating
power. [15] reports articulation rate distributions for
100 German speakers, and compares population
statistics reported across studies of speech tempo in
German. [9] presents population statistics for 100
speakers of Southern Standard British English
(SSBE), comparing articulation rates calculated over
interpause and memory stretches with variable
minimum length requirements. [9] quantifies the
discriminating power of the alternative measures
using Bayesian likelihood ratio (LR) calculations,
which provide a gradient assessment of ‘strength of
evidence’ given competing hypotheses concerning
the relationship between samples of speech [11]. [9]
concludes that articulation rates calculated over
interpause and memory stretches yield similar
discriminating power, and that articulation rate is a
relatively poor discriminant parameter due to
considerable speaker-internal variation. [8, 25]
In this study we extend this previous work by
comparing further alternative tempo measures,
calculated on a subset of the corpus of [9], in terms
of their inter-correlations and relative discriminating
powers. We compare articulation rates derived from
syllable, phone and CV segment counts; for syllable
and phone rates, we compare rates based on
canonical and ‘actual’ unit counts. [15] speculates
that some of the differences in reported articulation
rate means across studies can be attributed to
different choices among these alternatives. One aim
of this study was to provide empirical data that may
inform such attributions; another was to assess
whether the choices between these alternatives is
consequential for discriminant power.

2. METHOD
2.1. Corpus

Our corpus comprises 865 ‘memory stretches’
extracted from non-contemporaneous speech in the
Dynamic Variability in Speech Corpus (DyViS) [24]
by [9]. Memory stretches are short samples of
speech over which measurements can be taken; these
are commonly used in forensic practice as
alternatives to interpause stretches or intonation
phrases. The stretches were produced by 30 SSBE
speakers (males, aged 18‒25).

2.3. Likelihood ratio analysis

2.2. Segmentation and rate calculation

We used WebMAUS [17] for forced alignment.
Audio and orthographic transcriptions served as
input; a pipeline of Grapheme2Phoneme, MAUS
and Pho2Syl generated a Praat TextGrid [4] for each
audio file. Table 1 shows the contents of one of the
output TextGrids. Tier 1 contains the orthography,
with boundaries between words. Tier 2 contains the
canonical phonemic transcription rendered in the
SAMPA alphabet. Tier 3 adds syllable boundaries
(dots). Tier 4 contains the surface segmentation. Tier
5 contains the surface syllables, following the
principle of word boundary syllabification. To
generate the segmentation, MAUS balances the
likelihood that each phone will appear according to
its phonetic model for British English with the
acoustic ‘landmarks’ present in the audio. In this
example, the /t/ in that and the /l/ in all were deemed
absent. All of the other tiers take their alignment
from the surface segmentation.
Table 1: Contents of TextGrid for ms016_03
Tier Segmentation
1
2
3
4
5

We then extracted phone and syllable counts for all
stretches and calculated canonical and surface
syllable rates (CSR, SSR), and canonical and surface
phone rates (CPR, SPR). We also calculated CV rate
(CVR) [8]. For this, we grouped any immediately
consecutive consonantal phones into a combined C
segment, and any immediately consecutive vocalic
phones into a V segment. We then divided the total
number of C and V segments in each memory
stretch by the stretch’s duration. Alongside these
articulation rates, we derived phone and syllable
deletion counts to compare with previous studies.

| And | I | said | that | she | cycles | to | work | all | the | time |
| @nd | aI | sed | D{t | Si | saIk@lz | t@ | w3k | Ol | D@ | taIm |
| @nd | aI | sed | D{t | Si | saI.k@lz | t@ | w3k | Ol | D@ | taIm |
| @|n |aI|s|e |d|D|@|S|i|s|aI|k |l|z|t |@| w|3 |k |O|D|@|t | aI|m |
| @n | aI | sed | D@ | Si | saI | klz | t@ | w3k | O | D@ | taIm |

We re-processed instances where G2P had failed to
recognize specific spellings. We manually corrected
stretches where MAUS had missed two or more
successive phones with clear acoustic correlates, and
identified a set of frequent lexical items for which
phone deletions were regularly missed; this included
actually and didn’t. Two phoneticians agreed broad
transcriptions for all instances of these items, and we
corrected TextGrids accordingly. This protocol
ensured consistency and reasonable accuracy in
identifying phone deletions, while maximizing
potential for replication by keeping manual
correction to a minimum.
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The discriminant power for each of the five tempo
measures was calculated using Bayesian LRs. LRs
were calculated in MatLab using an implementation
of [2]’s Multivariate Kernel-Density (MVKD)
formula [21]. A MatLab script [13] was used to run
multiple same speaker (SS) and different speaker
(DS) LR calculations. Two LR tests were run for
each tempo measure individually, such that the first
iteration used the first 15 speakers as SS
comparisons and the second 15 speakers as DS
comparisons. The second iteration reversed the
group roles. The outputs for the two tests were then
combined, which resulted in 30 SS comparisons and
420 DS comparisons per tempo measure.
The discriminant performance of the measures is
evaluated in terms of equal error rate (EER) and logLR cost (Cllr). EER provides a ‘hard’ accept-reject
measure of validity. This is based on the point at
which the percentage of false hits and the percentage
of false misses are equal [5]. Cllr is a Bayesian error
metric that quantifies the ability of a system to align
correctly with the expected outcome of whether
speech samples are produced by the same or
different speakers [22]. Cllr provides a more
‘gradient’ measure of performance, unlike EER [23].
The EER and Cllrs for the five tempo measures were
computed within Bio-Metrics [1], which requires
only the SS and DS log LR scores as input.
Calibration was not used in this preliminary analysis
of relative discriminant power. Further work on a
larger set of data is forthcoming and will look at
calibration and discriminant power in greater detail.
3. RESULTS
3.1. Syllable and phone deletions

We first consider the extent of syllable and phone
deletion in our corpus, as this determines the
relationship between canonical and surface rates.
Our method identified 314 syllable deletions and
1598 phone deletions. This means that 4% of

canonical syllables and 8% of canonical phones in
the corpus lack a surface realisation. Syllable
deletion occurs in 5% of words and 26% of memory
stretches. As shown in Figure 1, the maximum
number of deleted syllables per stretch is 7, but most
stretches with deletions have just one missing
syllable. Stretches with 4 or more syllable deletions
are all long, at 15 canonical syllables or above (total
range 4–22); stretches with no deletion or deletion of
up to 3 syllables cover the full range of stretch
lengths. On average, 0.4 syllables are deleted per
stretch. Phone deletion occurs in 25% of words and
73% of memory stretches.
Figure 1: Histograms for N syllable and phone
deletions, excluding stretches with zero deletion

As shown in Figure 1, the maximum number of
deleted phones per stretch is 12, but most stretches
with deletions have between 1 and 4. The
relationship between canonical (total range 9–53)
and deleted phones is reasonably linear (r=0.53),
although zero deletion is observed in stretches of up
to 45 canonical phones. On average, 1.8 phones are
deleted per memory stretch. The relationship
between syllable and phone deletions is reasonably
linear (r=0.69), but each observed number of
syllable deletions maps to a considerable range of
phone deletions: for example, zero syllable deletion
maps to up to 6 phone deletions.

surface rates in our corpus are likely to generalize to
other English corpora, and they may indeed
generalize beyond English: for example, [27] report
deletion rates of 5% (syllables) and 8% (phones) for
Dutch. We should note that there is considerable
inter-speaker variation in deletion rates: as shown in
Figure 2, syllable deletion rates vary from close to
zero to 14% between speakers, and phone rates vary
between 4% and 14%.
3.2. Correlations

Turning now to the correlations between our rate
measures, Figure 3 shows scatter plots for the crucial
comparisons. In plots (a) and (b), for canonical vs
surface rates, we see a diagonal line of data points
associated with stretches with no deletion; points
below the diagonal reflect variable deletion. Overall
the rates are highly correlated (CSR~SSR: r=0.91,
CPR~SPR: r=0.90), even when zero-deletion stretches
are excluded (CSR~SSR: r=0.89, CPR~SPR: r=0.90).
In both plots we see evidence of the variability in
surface rate increasing as canonical rate goes up.
This is confirmed by quantile regression: the 0.9 and
0.1 quantile fit lines have a very similar intercept,
but different slopes. This suggests that as speech
tempo increases, the likelihood of ‘massive
reduction’ [16] increases, although speakers do not
invariably delete syllables and substantial numbers
of phones.
Figure 3: Scatter plots for (a) CSR~SSR (b) CPR~SPR
(c) CSR~CPR (d) SSR~SPR (e) CSR~CVR and (f)
SSR~CVR with 0.1 and 0.9 quantile regression lines

(a)

(b)

(c)

(d)

(e)

(f)

Figure 2: Deletion rates by speaker

These deletion rates are comparable to those
reported in previous corpus-based studies of
English: [12] reports a 12.5% phone deletion rate;
[26] reports deletion of 8% of ‘acoustic landmarks’;
[16] reports syllable deletion in 4.5–6% of words
and phone deletion in 25%. This means that
collectively, the speakers in our corpus do not
appear to be unusually careful articulators, or
speakers of a variety of English with little deletion.
Therefore, correlations between canonical and
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In plots (c) and (d), for syllable vs phone rates, we
see consistent relationships through the tempo range.
Canonical rates are slightly more closely correlated
than surface rates (CSR~CPR: r=0.89, SSR~SPR:

r=0.84); this is due to the relative weakness of
correlation between phone and syllable deletions
mentioned above. Plots (e) and (f) show that CV rate
and syllable rates are less strongly correlated, at
r=0.68 (CSR) and r=0.73 (SSR), with the quantile fit
lines showing that CV rate variability increases as
tempo increases, particularly against CSR.
3.3. Discriminating power

The results comparing the discriminant power of the
five speaking tempo measures (CSR, SSR, CPR, SPR,
and CVR) are summarised in Table 2. For Cllr, values
close to zero indicate a good system performance;
values above 1 a poor performance. The results are
very similar to those found in [9]. They suggest that
tempo is a relatively poor speaker discriminant
regardless of methodology, as it is characterized by
rather high EERs and Cllrs close to 1. Comparing the
results of the five systems against each other, we can
see that CSR, SSR, CPR, and SPR perform relatively
similarly for both EER and Cllr; CVR, however, has a
much higher EER than the other four systems as
well as the highest Cllr (along with SSR). The best
performing system in terms of Cllr is CPR, while CSR
performs the best in terms of having the lowest EER.
Table 2: Performance of speaking tempo measures
M easure
CSR
SSR
CP R
SP R
CVR

EER
28.1%
31.1%
33.5%
32.5%
37.5%

Cllr
0.88
0.89
0.86
0.87
0.89

4. DISCUSSION
In this study we investigated the extent to which
articulation rates derived from syllable, phone and
CV segment counts are correlated, and how they
compare in terms of Bayesian likelihood ratios. For
syllable and phone rates, we included canonical and
surface rate calculations.
We found very close relationships among the
four syllable and phone rates. As might be expected,
surface rates are on average lower than canonical
rates, due to syllable and phone deletions. Surface
rates become more widely dispersed as tempo goes
up; we attribute this to the likelihood of substantial
deletion increasing with overall tempo, while
substantial deletion does not become the norm.
Canonical and surface measures are very strongly
correlated, in the region of r=0.90, even if zero
deletion stretches are excluded. Corresponding
syllable and phone rates are also strongly correlated,
above r=0.80. The four measures yield very similar
log likelihood values, with canonical rates
marginally outperforming surface rates.
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CV rate was introduced by [8] as an efficient
alternative to syllable rate, as its calculation does not
involve making phonological decisions as to where
syllable boundaries may be, how to treat ‘syllabic’
consonants and so on. In our corpus, CV rate is
correlated with surface syllable rate in the region of
r=0.70, and it is the poorest measure in terms of
discriminating power.
The confidence with which we can make
methodological recommendations of course depends
on how representative our relatively small corpus of
SSBE memory stretches is in terms of the measures
under consideration. We established that our corpus
shows similar syllable and phone deletion
frequencies to other English corpora and at least one
Dutch corpus. This suggests that the relationship
between canonical and surface rates should also
generalise beyond this study. Assuming that it does,
we can suggest that in analyses of at least English
data in which speech tempo functions as an
independent variable, quantifying tempo through
surface or canonical syllable or phone rates is not
likely to be consequential for analysis outcomes.
Similarly, our results suggest that for forensic
purposes there is very little difference between the
four rate measures. In analyses where speaker
comparison is central, the relationship between
surface and canonical rate may well be informative:
in our corpus, deletion rates vary considerably by
speaker, with one speaker standing out as
particularly prone to ‘massive reduction’. It seems
likely that speaker differences become clearer as
tempo goes up. This warrants more detailed analysis
of inter- and intra-speaker variation in syllable and
phone deletion.
With reference to CV rate, we can question its
efficiency as an alternative to syllable rate given that
its calculation requires phone-level segmentation,
and in our corpus, phone rates are more closely
correlated with syllable rates than CV rate is. One
possible implication of the latter finding is that
speech rate estimators that depend on the automatic
identification of acoustic correlates of syllables, and
are generally evaluated against manual syllable rate
calculation [3, 7, 14, 20], may in fact yield very
similar output distributions to ‘rough-and-ready’
phone rate calculation using a general-purpose
forced alignment system such as WebMAUS.
5. ACKNOWLEDGEMENTS
This research was supported by Leverhulme Trust
Research Grant RPG-2017-060. We would like to
thank Phil Harrison for troubleshooting on MatLab
code.

6. REFERENCES
[1] Bio-metrics 1.5 performance metrics software,
Oxford Wave Research ltd.
[2] Aitken, C. G., Lucy, D. 2004. Evaluation of trace
evidence in the form of multivariate data. Journal of
the Royal Statistical Society: Series C (Applied
Statistics) vol. 53, pp. 109-122.
[3] Bakker, K., Brutten, G. J., McQuain, J. 1995. A
preliminary assessment of the validity of three
instrument-based measures for speech rate
determination. Journal of Fluency Disorders vol. 20,
pp. 63-75.
[4] Boersma, P., Weenink, D. 2017. Praat: Doing
phonetics by computer. www.praat.org.
[5] Brümmer, N., Du Preez, J. 2006. Applicationindependent evaluation of speaker detection.
Computer Speech & Language vol. 20, pp. 230-275.
[6] Dankovičová, J. 1997. The domain of articulation
rate variation in Czech. Journal of Phonetics vol. 25,
pp. 287-312.
[7] de Jong, N. H., Wempe, T. 2009. Praat script to
detect syllable nuclei and measure speech rate
automatically. Behavior Research Methods vol. 41,
pp. 385-390.
[8] Dellwo, V., Ferrange, E., Pellegrino, F. 2006. The
perception of intended speech rate in English,
French, and German by French speakers.
Proceedings of the 3rd International Conference on
Speech Prosody, Dresden.
[9] Gold, E. 2014. Calculating likelihood ratios for
forensic speaker comparisons using phonetic and
linguistic parameters, PhD thesis, University of
York.
[10] Gold, E., French, P. 2011. International practices in
forensic speaker comparison. International Journal
of Speech, Language and the Law vol. 18, pp. 293307.
[11] Gold, E., Hughes, V. 2014. Issues and opportunities:
The application of the numerical likelihood ratio
framework to forensic speaker comparison. Science
& Justice vol. 54, pp. 292-299.
[12] Greenberg, S. 1999. Speaking in shorthand: A
syllable-centric perspective for understanding
pronunciation variation. Speech Communication vol.
29, pp. 159-176.
[13] Harrison, P. 2012. Matlab script, ss_ds_lrs.M,
downloaded: May 2012.
[14] Heinrich, C., Schiel, F. 2010. Estimating speaking
rate by means of rhythmicity parameters.
Proceedings of Interspeech 2010 Florence.
[15] Jessen, M. 2007. Forensic reference data on
articulation rate in German. Science & Justice vol.
47, pp. 50-67.
[16] Johnson, K. 2004. Massive reduction in
conversational American English. Spontaneous
speech: Data and analysis. Proceedings of the 1st
session of the 10th international symposium, Tokyo.
[17] Kisler, T., Reichel, U. D., Schiel, F. 2017.
Multilingual processing of speech via web services.
Computer Speech & Language vol. 45, pp. 326–347.

789

[18] Koreman, J. 2006. Perceived speech rate: The effects
of articulation rate and speaking style in spontaneous
speech. Journal of the Acoustical Society of America
vol. 119, pp. 582-596.
[19] Künzel, H. J. 1997. Some general phonetic and
forensic aspects of speaking tempo. Forensic
Linguistics vol. 4, pp. 48-83.
[20] Martens, H., Dekens, T., Van Nuffelen, G., Latacz,
L., Verhelst, W., De Bodt, M. 2015. Automated
speech rate measurement in dysarthria. Journal of
Speech, Language, and Hearing Research vol. 58,
pp. 698-712.
[21] Morrison, G. S. 2007. Matlab implementation of
Aitken & Lucy’s (2004) forensic likelihood-ratio
software
using
Multivariate-Kernel-Density
Estimation, downloaded: December 2011.
[22] Morrison, G. S. 2009. Likelihood-ratio forensic voice
comparison using parametric representations of the
formant trajectories of diphthongs. The Journal of
the Acoustical Society of America vol. 125, pp. 23872397.
[23] Morrison, G. S. 2009. The place of forensic voice
comparison in the ongoing paradigm shift. Written
version of an invited presentation given at the 2nd
International Conference on Evidence Law and
Forensic Science Beijing.
[24] Nolan, F., McDougall, K., De Jong, G., Hudson, T.
2009. The DyViS database: Style-controlled
recordings of 100 homogeneous speakers for forensic
phonetic research. International Journal of Speech,
Language and the Law vol. 16, pp. 31-57.
[25] Pfitzinger, H. 1996. Two approaches to speech rate
estimation. Proceedings of the 6th Australian
International Conference on Speech Science and
Technology Canberra.
[26] Shattuck-Hufnagel,
S.,
Veilleux,
N.
2007.
Robustness of acoustic landmarks in spontaneouslyspoken American English. Proceedings of the 16th
International Congress of Phonetic Sciences
Saarbrücken.
[27] Van Bael, C., Baayen, R. H., Strik, H. 2007. Segment
deletion in spontaneous speech: A corpus study using
mixed effects models with crossed random effects.
Proceedings of Interspeech 2007 Antwerp.

TOWARDS PHONETIC INTERPRETABILITY IN DEEP LEARNING
APPLIED TO VOICE COMPARISON
Emmanuel Ferragne1 , Cédric Gendrot1 , Thomas Pellegrini2
1 Laboratoire
2 Institut

de Phonétique et Phonologie (UMR7018, CNRS - Sorbonne Nouvelle)

de Recherche en Informatique de Toulouse (UMR5505, CNRS - Université de Toulouse)
emmanuel.ferragne@univ-paris-diderot.fr

ABSTRACT

In speech processing, DNNs have been successfully applied to acoustic modelling at phone level
for speech recognition [7] and language identification [10], for instance. In speaker recognition,
DNNs were efficient in an indirect manner: instead
of being used as classifiers, they were used as feature
extractors, with so-called bottleneck features [11]
and embeddings [19]. In the current work, we
performed speaker identification on a small speech
dataset comprised of occurrences of one vowel.
Thus, our work is closer to voice comparison rather
than speaker identification, which would involve
thousands of speakers and longer speech excerpts.
DNNs, namely multi-layer perceptrons [13] and
convolutional neural networks (CNNs) [16], have
been shown to capture high-level phonetic properties when trained as phoneme recognizers. These
studies highlighted that neuron units and convolution filters become selective to phonetic features
such as manner and place of articulation.
We ran three experiments with a deep CNN and
interpreted the output of our models in terms frequency bands located in the broadband spectrogram
that phoneticians are most familiar with. In the first
experiment the model classified 45 speakers based
on their production of the French vowel /Ã/. In
the second experiment the same model was retrained
and tested with low-pass filtered tokens with various
cutoff frequencies. In the third experiment, occlusion sensitivity was performed: we observed how
the masking of certain frequency bands affected the
model’s performance. The vowel /Ã/ was used because preliminary trials with other vowels from the
same corpus showed that /Ã/ yielded the highest
speaker classification rates, which agrees well with
the consistent finding in the literature that nasals,
and especially nasal vowels [1], tend to contain more
speaker-specific information than other segments.

A deep convolutional neural network was trained to
classify 45 speakers based on spectrograms of their
productions of the French vowel /Ã/. Although the
model achieved fairly high accuracy – over 85 % –
our primary focus here was phonetic interpretability
rather than sheer performance. In order to better understand what kind of representations were learned
by the model, i) several versions of the model were
trained and tested with low-pass filtered spectrograms with a varying cut-off frequency and ii) classification was also performed with masked frequency
bands. The resulting decline in accuracy was utilized to spot relevant frequencies for speaker classification and voice comparison, and to produce phonetically interpretable visualizations.
Keywords: voice comparison, deep learning, forensic phonetics, vowels.
1. INTRODUCTION
Ever since the sound spectrograph was invented in
the 1940s [9], phoneticians have mostly relied on visualizations to identify the relevant parameters (formants, VOT, etc.) to describe phonetic entities (vowels, voicing, etc.). The advent of deep learning
around 2010 has led to a situation where very powerful tools are now available to carry out this task automatically. A well-known advantage of deep neural
networks (DNN) over more conventional machine
learning algorithms is that they can extract features
from the raw data without the need for a human
expert to explicitly provide them to the model [5].
In other words, after 70 years or so of visual identification of acoustic cues to account for phonetic
phenomena, DNNs could now potentially take over
from human experts. On the downside, DNNs have
earned a bad reputation because of their lack of
transparency. We would like to show one way to
overcome this difficulty with preliminary results we
obtained in the field of forensic voice comparison.
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2. SPEECH MATERIAL

version to 8 bits was performed so that GPU memory would handle mini-batches of sufficient size for
learning to take place.

The vowels used for classification were extracted
from the ESTER Corpus [3], which is a collection of
recorded journalistic radio broadcast generally considered as prepared rather than read or spontaneous
speech [4]. France Inter, France Info and Radio
France International constitute the three sources
for our extractions. We used the phonetic alignment
provided with the corpus by the IRISA (Institut de
Recherche en Informatique et Systèmes Aléatoires)
through the AFCP (Association Francophone de la
Communication Parlée) website (http://www.afcpparole.org/camp_eval_systemes_transcription/).
Automatic alignment was used to extract vowels
with a rectangular window shape and without their
phonetic context, the latter being neither controlled
nor provided to the network for the discrimination.

4. MODEL
We used VGG16 [17], a well-known deep convolutional neural network that has become a reference
in image recognition. VGG16 and variants called
"VGGish" models [6] have been widely used in
audio-related tasks for their simplicity and good performance, as in [14] for large-scale speaker identification. In our experiments, the model was re-trained
from scratch with randomly initialized weights. All
models were trained using an NVIDIA GTX 1080
GPU with the Adam optimizer [8], with a gradient
decay factor of 0.900, and a squared gradient decay
factor of 0.999. The initial learn rate was 0.0001 and
the mini-batches contained 56 spectrograms.

3. SPECTROGRAMS
5. EXPERIMENTS
Phoneticians are used to reading broadband spectrograms. In the Praat program [2], default settings are
5-ms analysis frames and 2-ms hop size. Based on
these values, we chose to use 5.0625 ms frames and
0.5 ms hop size to get a 90 % overlap between neighboring frames. With a 16 kHz sampling rate, these
corresponded to frames of 81 samples. An odd number of samples allows to perform zero-phase windowing, which guarantees that the signal portions
used to compute the Fast Fourier Transform (FFT)
are as symmetric as possible in order to get pure
real-valued spectra [18]. The speech segments were
element-wise multiplied by a Hamming window and
padded to obtain 512-sample segments on which
FFT was computed. No pre-emphasis was applied
since it increases the amplitude of high frequencies
and decreases the amplitude of lower bands and,
thus, changes the auditory perception when resynthesizing back to time domain. We avoided this
artifact because we are planning perceptual experiments in the project. Finally, the dynamic range
was set to 70 dB to prevent the CNN from identifying speakers based on dynamic instead of spectral cues. Other values were tested by resynthesizing
several signals, and the 70 dB value was the one that
least impacted the auditory perception of the speakers. Vowels whose duration was greater than 250 ms
were left out; the shortest vowels were 30 ms long.
Spectrograms of vowels shorter than 250 ms were
padded with zeros in order for all spectrograms to
have equal width. They were then converted to 8bit grayscale images and resized to 224 × 224 pixels, where a pixel was equal to 1.15 ms in the time
dimension and 35.71 Hz in terms of frequency. Con-

The smallest number of /Ã/ tokens produced by one
speaker was 334; so 334 occurrences were randomly
picked from the remaining 44 speakers, yielding a
final dataset of 15,030 spectrograms. It was randomly split into a training, a validation, and a test set
containing 10,530 (70 %), 1,485 (10 %), and 3,015
(20 %) tokens, respectively.
5.1. Speaker classification

In this first experiment, speaker classification was
carried out. The stopping criterion was reached after 8 epochs. The average accuracy of the model on
the test set reached 85.37 % with individual scores
ranging from 59.70 to 98.51 %. The mean score was
83.88 % for the 10 women and 85.80 % for the 35
men; the difference between men and women failed
to reach statistical significance according to a MannWhitney U test (p = 0.32). While such a high classification rate constitutes an interesting finding in itself, it is quite frustrating for phoneticians because at
this stage we have no means of knowing what representations the model has learned, and the small number of misclassified items does not quite lend itself
to fruitful phonetic interpretation. To illustrate this
point, among the 990 possible pairwise confusions,
235 contain non zero values; and among them, 194
are constituted of one or two misclassified tokens.
5.2. Low-pass filtered speech

The spectrograms used in Section 5.1 were cropped
to obtain seven different versions of the original
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dataset with maximal frequencies ranging from 250
to 6,000 Hz. The impact of cutoff frequency on
model accuracy is shown in Fig. 1 (the results for
the unaltered spectrograms were added for the sake
of completeness). Fig. 1 shows a steep increase in
accuracy between 250 and 1,000 Hz; then scores rise
much more slowly from 1,000 Hz upwards.

the frequency dimension over the whole duration of
the vowel. For each vowel, the position of the mask
was moved iteratively by one pixel along the vertical axis, each time generating a new test image. The
initial position of the mask only occluded the lowest
pixel row of the spectrogram, and the final position
was reached when only the topmost pixel row in the
spectrogram was affected. The process yielded 252
new spectrograms for each of the 3,015 (67 test vowels × 45 speakers) that were classified by the model.
At the end of the experiment, the 67 individual
test spectrograms were converted to heatmaps where
the color of a frequency band reflected the probability that the vowel belonged to its true speaker class
when this frequency band had been occluded. In order to determine which frequency bands were typical of a given speaker, the mean and standard deviation of each speaker’s 67 heatmaps were computed, and a signal to noise ratio (SNR) was obtained by computing the pixel-wise ratio of the mean
heatmap to the standard deviation heatmap for each
speaker. The intensity values of the SNR heatmaps
were rescaled to the interval ranging from the smallest to the highest value found in the whole dataset.
Fig. 2 shows two SNR heatmaps. The heatmap
in the left panel, showing the output of the occlusion technique with the test vowels of Speaker 35,
happens to contain the lowest SNR value in our data
and therefore exemplifies the darkest shade of blue
(slightly above 5 kHz). The picture to the right
of Fig. 2 illustrates the highest SNR value (around
1 kHz) in our dataset, which is represented by the
darkest type of red in our colormap.

Figure 1: CNN accuracy depending on low-pass
cutoff frequency (mean and standard deviation).

The lowest accuracy score, 50.85 % obtained with
a cut-off frequency of 250 Hz, was significantly
above chance (χ 2 = 38479 p < 0.001). Mid-pvalue McNemar tests were conducted to check if improvements in accuracy from one model to the next
were statistically significant. Each of the models
with cut-off frequencies from 500 to 1,000 Hz shows
a highly significant improvement over the model
with the next lower cut-off frequency. The model
with a cut-off at 2,000 Hz shows no significant improvement compared to the model with a cut-off at
1,000 Hz (p = 0.580). The 3,000 Hz model did not
perform better than the 2,000 Hz (p = 0.151) or the
1,000 Hz model (p = 0.074). Then all remaining
models improved on the preceding one, although the
increased accuracy from 4,000 to 6,000 Hz was only
marginally significant (p = 0.012).
A legitimate question here is whether speakers
get consistent relative accuracy scores across all cutoff frequencies. In order to test this possibility,
for each frequency, speakers were ranked according to their score and Kendall’s concordance coefficient was computed. The outcome was not statistically significant (W = 0.11 χ 2 = 43.39 d f =
44 p = 0.50), which supports the view that relative accuracy scores among speakers are inconsistent from one frequency step to the next.

Figure 2: Two SNR heatmaps (kHz).

The salient red stripe shows that when this region in Speaker 45’s spectrograms is hidden from
the model, the probability that Speaker 45 is correctly classified drops abruptly and the resulting performance deterioration is very consistent across all
67 test spectrograms for this speaker. In contrast,
in the left panel of Fig. 2, though critical regions
emerged for Speaker 35 (slightly above 1 kHz and
between 2 and 3 kHz), they are not as strong as what
was found for Speaker 45, hence their green to yellow color.

5.3. Occlusion sensitivity

The model trained in Section 5.1 was used here. The
test phase was different however: test spectrograms
were modified by means of a mask (an array of zeros) occluding 15 contiguous pixels (≈ 536 Hz) in
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tell, the method we used here, inspired by [21], as
well as the localization of discriminative regions in
[22] or saliency maps in [15] (the latter in the field
of audio signal processing) can all be successfully
transferred to the study of phonetics.
Our heatmaps constitute data-driven representations of potentially critical spectral regions that are
typical of a given speaker’s voice. We devised a
method that combines information about how critical a spectral region is and how consistent this region is across several spectrograms of a speaker. A
thorough visual analysis of the SNR heatmaps reveals two important features: first, not all speakers
display such critical and reliable frequency bands to
the same extent, and second, whenever critical bands
are present, they can be found in different regions
from one speaker to the next although the 1 kHz region is quite consistently present for most speakers.
More research is needed to explore the full potential of our SNR heatmaps especially because, as we
have shown, two very similar images do not necessarily correlate with high reciprocal confusability.
Intuitively, an interesting connection may exist between a heatmap and the concept of distinctiveness
in perceptual voice recognition [20], if we go so far
as to equate high spectral saliency and low within
speaker-variation to distinctiveness.
Spectrograms of the French vowel /Ã/ were fed
to a CNN to perform speaker classification based on
a corpus of 45 speakers. While accuracy rates were
satisfactory, low-pass filtering with varying cut-off
frequencies and occlusion sensitivity were used to
discover what features the model had learned. A
notable finding was that even when the model had
very little information (spectral content only up to
250 Hz) it performed well above chance. Another key finding made possible by our new SNR
heatmaps is that many speakers displayed a critical region – a frequency band that, when occluded,
led the speaker to be misclassified – around 1 kHz.
While SNR heatmaps constitute a promising approach to understanding what DNNs learn, they
have yet to be validated with perceptual experiments, which is our next logical step in the project.
On the epistemological level, we hope that this study
exemplifies how the (statistical) acoustic-phonetic
and the automatic approaches to forensic voice comparison [12] can potentially reinforce each other.

5.4. Linking classification, filtering and occlusion

While Speakers 35 and 45 have remarkable SNR
heatmaps, containing either the minimal or maximal value computed over all speakers, their results
in Section 5.1 and Section 5.2 are not markedly distinct. In the 1st experiment their accuracy scores
lie between the 1st and 3rd quartile. Their accuracy curves in the 2nd experiment exhibit some differences: Speaker 35 displays a steep accuracy increase from 41.79 % (250 Hz) to 94.03 % (3,000 Hz)
while Speaker 45’s curve rises more slowly from
64.18 % to 88.06 % over the same frequency interval. The link between classification accuracy and
what SNR heatmaps show is not straightforward.
After computing distances between heatmaps and
converting the confusion matrix from experiment 1
to distances, the correlation between the two matrices was rather weak: r = 0.187 (though highly significant: p < 0.001 according to a Mantel test with
100,000 permutations). To what extent the visual
similarity between two heatmaps reflects confusability between two speakers is further exemplified by
Fig. 3: the heatmaps look similar and the speakers
show confusions in all the models. However, this
pair is not the one that exhibits the highest confusion
rates; a visual analysis of the two SNR heatmaps is
therefore not good indicator of confusability.
Figure 3: Two similar SNR heatmaps (kHz).

A careful visual inspection of all SNR heatmaps
suggests that at least 35 of the 45 heatmaps display a
relatively strong frequency band around 1 kHz, like
both heatmaps in Fig. 2, which points to the importance of this region to characterize a speaker’s voice.
6. DISCUSSION AND CONCLUSION
DNNs have often been regarded as blackboxes because of the opaqueness of their inner mechanisms,
but efforts have been made in recent years to provide
experts in different fields with easily interpretable
visualizations of what DNNs learn. Most of these
techniques were invented in the context of image
recognition and computer vision, and we tried to
adapt one of them to spectrograms. As far as we can
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ABSTRACT

Nonetheless, the perceptual approach does have
advantages over acoustic approaches. Perceptual
analysis enables a holistic assessment of a speaker’s
overall VQ, including aspects of respiration,
phonation and articulation [4]. In contrast, acoustic
measurements can only provide information on very
specific VQ aspects, e.g. the open glottal quotient.
Furthermore, the human ear is capable of capturing
fine-grained VQ differences even under less than
optimal conditions [23]. Typically, the recordings
which forensic speech experts face are of poor
technical quality and contain only partially
analysable speech. This may limit or even prevent
accurate acoustic measurements. A reduction in lowfrequency energy, for example, which is common
for telephone-transmitted speech, often affects the
frequency of the first formant [6]. Therefore further
research is needed into how stable various acoustic
parameters are within speakers, and across different
transmission channels and speaking styles.
Given that both perceptual and acoustic
approaches have strengths and weaknesses - it is
preferable to combine the strengths of both
approaches to assess the multidimensionality of VQ.
This would position VQ assessments in line with
other variables commonly assessed in forensic
casework using a combined auditory-acoustic
approach (e.g. vowels and consonants).
This study focuses on breathy voice, to assess the
extent to which it is possible to combine auditoryperceptual and acoustic approaches.

This study explores the interplay between perception
and acoustics, focussing on breathy voice. Using
perceptual analysis, four forensic speech analysts
rated 22 spontaneous speech samples with regard to
whether they were breathy or non-breathy. The
voices rated to be the most extreme on the breathy/
non-breathy continuum were then analysed
acoustically. Spectral slope and additive noise
characteristics were obtained from vowels and
sonorant consonants using VoiceSauce. Significant
correlations were found between the perception of
breathiness and three acoustic measures, namely the
intensity difference between the lowest two
harmonics, the intensity difference between the
lowest harmonic and the harmonic closest to the first
formant, and cepstral peak prominence. Our results
confirm that the findings from previous studies in
relation to non-spontaneous speech are also
applicable to spontaneous speech samples. Further,
there appears to be no detriment when broadening
the sample to include sonorant consonants as well as
vowels.
Keywords: voice quality, breathy voice, forensic
speaker comparison
1. INTRODUCTION

Voice quality (VQ) can be a highly individual
marker of a speaker’s voice, due both to its
anatomical and habitual origin [26]. It is widely
considered an important variable for forensic speech
science [16], a field that seeks to identify features
with power to discriminate between individuals.
Owing to its multidimensional nature [4], VQ is
generally analysed perceptually. However, there are
ongoing efforts to utilise acoustic analysis in order
to confirm perceptual VQ judgements.
Perceptual judgements are inherently subjective,
as standards and thresholds may vary from rater to
rater [25]. Also, individual raters’ standards often
lack stability. For example, the range of voices
presented in one rating session can cause a drift in
VQ judgement when re-rating the same voice [14].

2. ACOUSTICS OF BREATHY VOICE
2.1. Spectral slope parameters

Breathiness arises from incomplete or nonsimultaneous glottal closure resulting in a higher
open quotient. This, in turn, yields a strong first
harmonic amplitude (H1) [22] and a steep spectral
slope [18].
Previous studies analysed spectral slope using
harmonic-based and formant-based measurements.
Harmonic-based measurements obtain amplitude
differences between (1) the first and the second
harmonic (H1−H2), (2) the second and fourth
harmonic (H2−H4), or (3) the fourth harmonic and
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the harmonic closest to 2 kHz (H4−H2K). Formantbased measurements calculate the difference in
amplitude between H1 and the harmonics closest to
the first three formants (A1, A2, A3; i.e. H1−An).

level was equalised across samples (max. amplitude
-1.0 dB, remove DC offset, center on 0.0 vertically).

2.2. Additive noise parameters

4.1. Auditory-perceptual investigation

In breathy voice high frequency aspiration noise is
generated via a persistent glottal gap, causing a
decrease in additive noise measurements [18].
Respiration noise is commonly measured by
obtaining harmonic-to-noise ratio (HNR) and
cepstral peak prominence (CPP). HNR displays the
amplitude difference between harmonic and noise
energy [8] and decreases in breathy voice [e.g. 12].
HNR can be measured for various frequency bands,
typically 0−500/1500/2500 Hz (labelled HNR05/15/
25).
CPP is a measure of cepstral peak amplitude
relative to the overall amplitude. As a measure of
periodicity it is helpful in detecting less periodic
signals, e.g. mid and high frequency ranges in
breathy voice due to aspiration noise [18]. Lower
CPP values correlate with breathy phonation due to
the low-intensity higher harmonics [e.g. 34].

A survey was conducted to generate perceptual
ratings for breathiness. Four listeners were engaged,
all experts in forensic speech analysis, involved in
training and research on VQ. All regularly use the
same analysis scheme – a modified Vocal Profile
Analysis (VPA) [27] – to rate VQ in forensic
casework.
Using the survey tool Qualtrics, the participants
were provided with the 22 voices in random order.
For each sample they were asked: ‘Would you mark
breathiness as a dominant feature of this speaker’s
voice?’ Three answer choices were given together
with a comment box: ‘(1) Yes, (2) No, it is present
but not dominant, (3) No, it is absent’. The survey
took 30-40 minutes. The listeners were allowed to
listen to the samples as often as they liked and could
leave and resume the survey at any point. They used
closed-cup headphones in a quiet environment.
The voices which were rated by all four listeners
to be the most extreme on both ends of the breathy/
non-breathy continuum were chosen for acoustic
analysis. 8 voices qualified: 5 were rated as
dominantly breathy and 3 as non-breathy. The
between-rater consistency for these 8 voices was
established. Cohen’s Kappa (κ) was calculated for
each rater pair using RStudio (Version 1.1.463) [30].
Table 1 shows that all pairs of raters reached at least
‘moderate’ agreement. Two pairs (1-2, 2-4) reached
‘substantial’ agreement, and one pair (1-3) obtained
‘almost perfect’ agreement (κ=0.86).

4. METHODOLOGY

3. CORPUS DATA
3.1. Previous studies

Studies of the modal/breathy distinction have
investigated either contrastive phonation types of
various languages [10, 13, 20] or pathological voices
[e.g. 1]. Non-pathological voices and noncontrastive uses have been neglected. Furthermore,
most studies have based their analysis on sustained
vowels [e.g. 1, 18], vowels from isolated words [e.g.
10, 13, 34], read speech [e.g. 41], or synthetically
manipulated stimuli [e.g. 11, 22]. Studies of
spontaneous speech are rare [31]. However, [36]
reports significant differences in perceptual
judgements due to shorter vowel duration and
assimilation processes found in spontaneous speech.

Raterpair
1-2
1-3
1-4
2-3
2-4
3-4

3.2. Current study

A selection of non-pathological breathy voice
samples was compiled using six corpora of
spontaneous conversation from male speakers of
British English [15, 17, 21, 28, 29, 35]. The samples
were all provided at 44.1 kHz frequency and 16-bit
resolution sampling. The first author chose 22 voices
based on auditory-perceptual analysis, aiming to
reflect a natural mixture along the breathy/nonbreathy continuum. Approximately three minutes of
speech was extracted from each sample. Using
Audacity (version 2.1.2) [2] the maximum intensity

Kappa
0.65
0.86
0.50
0.56
0.75
0.43

z
2.83
2.66
2.19
2.83
2.19
2.19

p-value
0.005
0.008
0.029
0.005
0.029
0.029

Agreement
substantial
almost perfect
moderate
moderate
substantial
moderate

Table 1: Between-rater agreement in the
perception survey (Cohen's Kappa for rater-pairs;
weights: equal; subjects: 8; raters: 2)
4.2. Acoustic investigation
Acoustic analysis was carried out on the selected voices.
Generally, acoustic analysis of phonation is based on
vocalic segments only [13, 18], as vowels by nature
contain source-specific information. However, forensic
recordings might be of very short duration and therefore
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can be restricted in terms of analysable speech available.
Therefore, the data used in the present study included all
sonorants (vowels, glides [j, w], liquids [l, r] and nasals
[m, n, ŋ]), as they all contain glottal source
characteristics. Sonorants were manually segmented using
oscillographic,
spectrographic
and
perceptualimpressionistic information and labelled on a segment-bysegment basis using Praat textgrids [5]. When comparing
breathy voices with non-breathy voices, initial visual
examination suggests that sonorant consonants and
vowels behave similarly in terms of central tendency.
Accordingly, in the following acoustic investigation
vowels and sonorant consonants were combined.

from all sonorants. VQ classification (breathy/nonbreathy) was entered into each model as a fixed
factor. Speaker-specific variation was accounted for
by including by-speaker random slopes. The alpha
level was set at p<0.05.
5. RESULTS
VQ

●
●
●
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●

VoiceSauce (version 1.31) [32] was used to take
measurements from labelled segments. Default settings
were applied: 0.96 pre-emphasis, 25 ms window length,
measurements at 1 ms frame shift. The lower F0 range
was adjusted to 40 Hz to capture potential intermittent
low frequency creak components. The maximum
measureable F0 limit was set to 300 Hz. To prevent
formants from boosting nearby harmonic amplitudes, the
formant-corrected harmonic amplitude measurements [19]
implemented in VoiceSauce were obtained and marked by
an asterisk (e.g. H1*−H2*). All measurements were
averaged across each labelled sonorant. Thus there were
680-1149 averaged measurements per speaker.
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Table 2 summarises the acoustic measurements
taken. We predicted the voices rated as dominantly
breathy to show steeper spectral slope and lower
additive noise. Furthermore, we predicted H1*−H2*
to be most useful, as it is a rough indicator of open
quotient [33].
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4.2.2. Hypotheses
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Figure 1: Boxplots for acoustic parameters
revealing the clearest differences comparing
breathy with non-breathy voices (H1*−H2*,
H1*−A1*, CPP).

Figure 1 illustrates the results from the acoustic
analysis of all sonorants. Overall, clear differences
can be seen between the speakers rated to be
dominantly breathy (in grey) and those rated to be
non-breathy (in white). Indeed, the distributions for
each speaker reveal very little overlap between
breathy and non-breathy VQ for H1*−H2*,
H1*−A1* and, in particular, CPP.
Table 3 shows the results from the linear mixed
effects modelling for all sonorants for each acoustic
parameter. Confirming the impressions gained from
Figure 1, significant differences were found in

Table 2: Predicted effects for spectral slope and
additive noise measurements in breathy voice.
4.2.3. Data analysis

We generated boxplots for each acoustic
parameter using RStudio (Version 1.1.473) [30], and
we used the lme4 package [3] to perform linear
mixed effects analyses on the relationship between
perceptual ratings and acoustic parameters taken
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H1*−H2* (p<0.05), H1*−A1* (p<0.05) and CPP
(p<0.01). Results close to significance were obtained
for HNR05 (p=0.097) and HNR15 (p=0.077). The
other measures did not show significant differences
between breathy and non-breathy ratings based on
all sonorants.
Model
H1*−H2*
(Intercept)
non-breathy
H2*−H4*
(Intercept)
non-breathy
H4*−H2K*
(Intercept)
non-breathy
H1*−A1*
(Intercept)
non-breathy
H1*−A2*
(Intercept)
non-breathy
H1*−A3*
(Intercept)
non-breathy
HNR05
(Intercept)
non-breathy
HNR15
(Intercept)
non-breathy
HNR25
(Intercept)
non-breathy
CPP
(Intercept)
non-breathy

Estimate

SE

t

df

Pr(>|t|)

9.20
-8.51

1.47
2.84

7.27
-3.00

4.00
3.50

0.003
0.047*

8.44
-0.01

1.27
1.72

7.73
-0.01

4.00
5.94

0.003
0.994

5.27
-1.17

0.97
2.10

5.42
-0.55

3.98
3.11

0.007
0.719

28.78
-11.15

1.70
3.21

17.92
-3.47

4.00
3.35

0.000
0.034*

31.70
-12.04

1.40
4.75

22.73
-2.53

4.00
2.39

0.000
0.107

25.19
-9.73

1.34
5.13

18.82
-1.89

4.01
2.30

0.000
0.182

8.03
9.73

2.47
4.44

3.25
2.19

4.00
3.81

0.031
0.097

17.73
7.57

1.94
2.93

9.13
2.24

4.00
4.88

0.001
0.077

21.94
5.28

1.70
3.01

12.93
1.75

4.00
3.88

0.000
0.157

17.78
4.19

0.41
0.79

43.27
5.31

4.00
3.52

0.000
0.009**

the perception of breathiness (H2*−H4* [11, 24],
H4*−H2K* [24], H1*−A2* [13] and H1*−A3*
[34]). This was not the case here.
Given the more complex nature of spontaneous
speech and the weaker intensity of sonorant
consonants the results of the present study are
promising.
7. CONCLUSION AND FUTURE WORK

Our results indicate that the perception of breathy
VQ in spontaneous speech is captured mainly in a
steep spectral slope of low frequency ranges
(H1*−H2*, H1*−A1*) and in a low cepstral peak
prominence (CPP). This outcome lays open the
potential to formally adopt the combined auditoryacoustic approach for the assessment of VQ when
breathiness is involved.
The auditory-perceptual approach is still the
‘gold standard’ in VQ analysis [31], which we do
not want to challenge. However, our results
demonstrate that there is potential for perceptual
analysis to be corroborated by acoustic
measurements. This would most likely have a
positive effect on within-rater and between-rater
consistency.
Including
sonorant
consonants
increases the practicability of this analysis in the
forensic setting as speech samples are often short.
It remains to be examined how the measurements
investigated here perform in recordings of poorer
quality. Work in progress will test the effect of a
mobile-landline telephone filter on acoustic
measurements to assess the robustness under
forensically realistic conditions.
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Table 3: Estimate, standard error estimates (SE), t
statistics, Satterthwaite approximated degrees of
freedom (df) and predicting VQ classification
(Pr(>|t|)) for each model (acoustic parameter). All
models included by-speaker random slopes.
6. DISCUSSION

The present study confirms the capability of two low
frequency spectral slope parameters (H1*−H2*,
H1*−A1*) and one additive noise parameter (CPP)
to distinguish auditory-impressionistic judgements
of dominantly breathy voices from non-breathy
voices. These results are in line with previous
studies [1, 10, 13, 18, 20, 34], but, extended the
findings from elicited speech to spontaneous speech
samples. Mid-to-high frequency spectral slope
parameters have previously been found to support
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ABSTRACT

subject to hold a single vocal tract position for an
unnaturally long time, leading to hyperarticulation
[7]. The MRI scanner is also a very noisy environment, which is likely to elicit the Lombard effect,
but to our knowledge there has been no systematic
study of the Lombard effect for speech produced in
MRI noise. It is therefore essential to determine the
characteristics of MRI-specific Lombard speech, in
order to properly interpret MRI data of the vocal
tract, and audio recordings that may have been captured simultaneously. Additionally, due to the noise
and magnetic field in the MRI scanner, corresponding audio recordings are often made separately in a
quiet environment. MRI noise may not be fully reproduced during this stage. Since MRI data is often used to inform acoustic models of the vocal tract
(e.g. [10, 2]), it is important that comparisons based
on such recordings are valid.

In recent years, magnetic resonance imaging (MRI)
has been used extensively to study the vocal tract.
MRI equipment makes a loud continuous noise
throughout the imaging process. The acoustic properties of speech are known to change in noisy conditions - a phenomenon known as the Lombard effect. The characteristics of Lombard speech have
been shown to vary with the type of noise, but no
study has yet considered the effect of MRI noise,
with its specific spectral properties, on speech. We
present results showing that formant values, particularly those for the first formant, vowel space dispersion, and spectral tilt of speech produced in MRI
noise is significantly different from speech produced
in normal conditions. The effects are both subjectand phoneme-dependent. The results have important
implications for all acoustic studies based on MRI
data of the vocal tract, and we close with recommendations for collecting such data.

MRI noise is generated by the periodic vibrations
of large electromagnetic coils, which are amplified
by resonances in the structures of the machine and
accompanied by the noise of cooling pumps [4],
leading to noise levels exceeding 100dB-SPL at the
subject’s ear [6]; such noise levels are well above the
minimum threshold for inducing the Lombard effect
[12]. The Lombard effect is known to differ depending on the spectral and temporal characteristics of
the masking noise [17]. It is therefore important to
study speech produced in MRI noise, which is periodic and thus has different spectral content than the
broadband or speech-like noise investigated in previous studies. The size of the Lombard effect has
been shown to differ significantly between individual speakers [11]. Further, the communication element of the speech task must be considered as the
magnitude of the Lombard effect is greater in communicative than non-communicative tasks [9].

Keywords: Lombard effect, vocal tract modelling,
magnetic resonance imaging.
1. INTRODUCTION
When speaking in noise, the human voice changes in
a number of ways. Most commonly, amplitude and
pitch increase, and spectral tilt decreases [18]. Alterations in formant frequencies have also been reported [14], as have differences in articulation of the
tongue, jaw and lips [19]. The combination of these
changes is known as the Lombard effect [13]. The
degree of change of each parameter depends upon
the amplitude and spectral content of the masking
noise [17], with most existing studies considering
broadband and/or speech-like noise [5].
In the last few decades, magnetic resonance imaging (MRI) has been used extensively for research on
speech and the vocal tract (see [16] for a review).
Speech produced in an MRI scanner is unlike normal speech in a number of ways. Most scanners require a supine rather than an upright posture, and
effect of position on the voice has been considered
in a number of studies, reviewed in [16]. In order
to capture 3D images, it is usually necessary for the

This paper presents a comparison of speech produced in the presence of MRI noise with that produced in quiet, for both standing and supine positions. The remainder of the paper is laid out as follows. Section 2 presents the methods used to collect
and analyze the speech data, Section 3 describes and
discusses the results, before concluding and offering
recommendations for MRI data capture.

800

2. METHOD

S7) mounted approximately 70cm away, recorded
via telephone intercept, to provide an additional
lower-quality audio channel for future research on
robustness of speech measures to channel degradation. The phone also provides a convenient method
of establishing consistency of communicative intent,
which is known to affect the size of the Lombard effect [9]: in all conditions, participants were asked to
read the passages so that a listener on the other end
of the phone line could hear them clearly. Participants could see the phone during all conditions but
received no feedback from it. In a real MRI study,
participants would not see a phone; therefore if separate audio recordings are to be made, different but
consistent instructions should be given about communicative intent in both environments. Note also
that using a phone may introduce some Lombard effect even in quiet conditions [12].

2.1. Data collection

The dataset comprises recordings of speech from 16
British native English speakers, 8 male and 8 female,
of which 4 males and 4 females were ‘experts’ (defined as having a PhD or equivalent experience in
phonetics or voice acoustics), and 4 males and 4 females were ‘non-experts’. Subjects were split into
blocks of four participants, with each block representing a different combination of sex and expertise.
Each subject was recorded in four conditions:
standing in noise (StN), supine in noise (SuN),
standing in quiet (StQ), and supine in quiet
(SuQ). Condition order varied systematically within
blocks. The MRI noise used was recorded using a
Sennheiser MO 2000 optical microphone, in a GE
3T Signa Excite MRI scanner, during a scan protocol developed for 3D volumetric imaging of the
vocal tract (head neurovascular array coil, parallel
imaging factor 2, 3D GRE sequence, TR 4.736ms,
TE 1.68ms, FA 5◦ , FOV 384mm with 192x192 acquisition matrix, interpolated to 512x512; 80 contiguous 2mm sagittal slices with no gap). As it is not
possible to record the sound pressure level inside the
scanner during imaging, due to the magnetic field,
noise was played back at a volume that completely
blocked auditory feedback of their own voice, replicating MRI conditions. Noise was presented over
in-ear headphones covered by ear defenders, which
were both removed during the quiet conditions.
Three passages were read in each condition: the
North Wind and the Sun, the Grandfather passage,
and the Rainbow passage. Since these passages contain unusual words and phrasing, participants were
sent the texts in advance and asked to practice reading them aloud. Five held vowels [i, a, A, O, u] were
also captured, described to participants as the vowels
in ‘fleece’, ‘trap’, ‘car’, ‘thought’, and ‘goose’ respectively. Since MRI noise has a pitch, and subjects
often unintentionally match this pitch while holding
vowels, they were instructed to do so, and the same
pitch was provided to participants before held vowel
production in the quiet conditions, following [1].
The data were recorded in an anechoic chamber using a Zoom F8 recorder with 48kHz sample rate, and include recordings from: a headmounted microphone (DPA 4066) taped into place
approximately 2.5cm from the corner of the subject’s mouth; a measurement microphone (Earthworks M30) placed 50cm away from the mouth (onaxis); an electrolaryngograph to capture vocal fold
behaviour; and a speakerphone (Samsung Galaxy

2.2. Data Analysis

In the following, only audio from the head-mounted
microphone was used. Audio files were manually
segmented in Praat [3] to extract five instances each
of the vowels [i, a, A, O, u] from running speech, selected to include instances from near the start, middle and end of the reading task, and one second each
from the same held vowels. These were used to automatically extract formant values F1–F3 using the
formant tracking function in Praat, with sex- and
vowel-specific reference values based on [15], using LPC order 12, with no manual correction and
the same settings across all vowels. Passages were
edited to remove repetitions, coughs etc., and these
corrected passages were used to calculate the long
term average spectrum (LTAS) of the utterances.
A number of additional properties of Lombard
speech are not considered here, since the focus of
this study is on the spectral properties of MRIinduced Lombard speech.
Pitch and duration
changes in particular are characteristic of Lombard
speech. The average pitch of running speech was
found to increase in MRI noise in this study, by
3.2Hz or 2.77%, but MRI noise in particular may
confound these effects as speakers may ‘tune’ their
speech to the pitch of the noise (this is expected for
held vowels, as noted above, but the effect on running speech is unknown). Duration changes may
also be affected by the generally unpleasant nature
of the MRI noise, with subjects reporting either a
desire to get the recording over with as quickly as
possible, or that the noise was distracting and caused
them to speak slowly. These effects and others, such
as amplitude and voice quality, will be considered in
a forthcoming paper.
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Figure 1: Shifts in vowel formants, in semitones, compared to the neutral (standing, quiet) condition. Results are
for F1 (top row), F2 (middle row), and F3 (bottom row). Each column shows results for a different vowel with the
combined result across all 5 vowels in the rightmost column.
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(p < 0.001). Significant effects were not found for
vowel, subject sex or subject expertise. However, it
is evident from Figure 1 that while the overall differences may not be significant, the increase of F1
in noise is relatively larger for the more close vowels [i, O, u] than for open vowels [a, A].
The results indicate that the noise in an MRI scanner has a greater effect upon F1 than position. The
increase in F1 suggests that more open vowels are
produced during MRI scans than in normal speech.
This supports the findings of previous studies using broadband noise, including an articulatory study
[19] which confirmed that the increase in F1 is due
to a lowering of the jaw. The effect of noise upon
F2 is smaller but still significant, and suggests that
tongue position is affected by noise, independent of
posture. As illustrated in Figure 2, the MRI noise
has most energy in the region 1–2kHz, and future
work will explore whether the spectrum of the MRI
noise is linked to the formant shifts.
Speech produced in noise is also expected to show
a decrease in spectral tilt, due to increased energy
above 2kHz [8]. To determine the effect of MRI
noise on speech, long term average spectra (LTAS)
were calculated across all three read passages in
each condition. Examples can be seen in Figure 2 for

3. RESULTS AND DISCUSSION
This section considers how the presence of MRI
noise impacts the spectrum of the resulting speech.
Figure 1 illustrates the formant shifts in each condition SuQ, StN, and SuN, compared to the ‘neutral’
condition StQ. Differences are calculated in semitones to provide an approximate perceptual weighting and permit comparison between male and female
subjects. To determine significance, a linear mixed
effects model (LMEM) was used with noise condition, position, subject sex, subject expertise, and
vowel as fixed effects; subject, and word from which
the vowel was taken, were set as random effects.
Significance was determined by comparing the full
LMEM to models with each predictor removed.
The right-hand column of Figure 1 illustrates
the combined formant shifts across all five vowels. Results of LMEM comparison indicated that
noise had a significant effect on F1, increasing it
by 1.6228 ± 0.0665 semitones (p < 0.001), and a
significant but smaller effect on F2, increasing it by
0.2349 ± 0.0969 semitones (p = 0.016). There was
also a significant effect of position upon F1, increasing it by 0.4523±0.0665 semitones (p < 0.001), and
upon F3, increasing it by 0.3190 ± 0.0819 semitones
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Figure 2: Power-normalized LTAS (non-expert
female subject), showing boosted frequencies
where MRI noise energy is lower (e.g. ~3kHz).

Figure 3: Vowel space differences (expert male
subject), showing an approximately typical degree
of reduction in vowel space size in noise.
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a single subject, with dashed lines for the MRI noise
conditions. The dotted line also illustrates the LTAS
for the recorded MRI noise, and all five examples
have been power normalized. It is clear from Figure
2 that for this speaker, the presence of MRI noise
has a substantially greater effect on LTAS than position, suggesting that the speaker may have boosted
speech frequencies (e.g. around 3kHz) where MRI
amplitude is lower (a “bypass" strategy [8]). However, these results are highly subject-specific.
To quantify these differences, a LMEM was used
to model spectral centroids on the range 0-8kHz, an
approximate measure of spectral tilt. Noise condition, position, subject sex and expertise were used
as fixed effects and subject as a random effect. Results indicated that spectral centroid increased by
26.91 ± 6.50Hz (p < 0.001) in noise, equivalent to
an increase of 0.62% from the mean centroid in neutral conditions, with no significant effect of position.
It was suggested in [5] that the desire to be heard
above noise may result in a larger vowel space, making vowels more distinctive. To explore this, vowel
space dispersion—the mean Euclidean distance of
vowel space vertices from the centroid—was calculated for each subject and condition, following [5].
Example vowel spaces can be seen in Figure 3 for a
single subject. LMEMs were used with noise condition, position, subject sex and expertise as fixed
effects, and subject as a random effect. Model comparison indicated that the vowel space dispersion
decreased by 40.00 ± 4.90Hz2 in MRI noise (p <
0.001) and a further 14.17 ± 4.90Hz2 (p = 0.005)
when the subject was supine. This equates to a reduction of 8.36% due to noise alone, and of 11.32%
when the subject was also supine, compared to the
mean vowel space dispersion in neutral conditions.
The degree of this effect was subject-dependent,
with some subjects showing a large difference across
conditions, and some showing almost none. Based

on feedback from some participants, it is suggested
that disturbing the auditory feedback pathway made
subjects less able to monitor the “correctness" of
their speech and hence approach the corner vowel
formant targets, thus reducing the vowel space dispersion, but this needs further investigation.
The results of this study indicate that the Lombard
effect occurs in MRI-like noise conditions, and that
the size of this effect considerably outweighs differences due to the supine posture required.
4. CONCLUSION
This study has shown that the Lombard effect occurs
in MRI noise, affecting formant frequencies, vowel
space dispersion and spectral tilt. Effects are both
subject- and vowel-dependent. Data collection is ongoing to investigate these relationships.
In light of these results, the collection procedure for MRI vocal tract data and associated audio
recordings should be carefully considered, and care
must be taken when drawing conclusions from such
data in isolation. If captured separately, audio data
should be collected under conditions as close to the
MRI setup as possible, including establishing consistency of communicative intent across conditions
and using recorded scanner noise—which varies depending on the scanner and protocol used—at an
appropriate amplitude. Future work will consider
whether the effect varies between held vowels and
running speech, whether there is an effect on laryngeal voice quality, and whether subject expertise affects the results, since “expert speakers" are commonly used for MRI data collection.
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masking capacity of the background noise by
increasing fundamental frequency and speech
intensity especially in the higher frequency range
(i.e., reducing spectral tilt). Furthermore, they showed
that for speech-on-speech masking, talkers reduced
the degree of temporal overlap between the masker
and their own speech to increase the separation
between the two competing sound sources for the
interlocutor. These results suggest that, first, talkers
adopt different strategies to overcome the effect of
background noise depending on the types of noise
they are exposed to. Second, when interacting with
another person, talkers actively monitor their
background (“listening while speaking”) and exploit
pauses in the maskers to maximise ease of
communication in difficult listening conditions.
Taking a different perspective on interactive
speech in noise, a recent study [9] focused on the
effects of aging and (mild) age-related hearing loss on
communication efficiency and acoustic-phonetic
adaptations made by older and younger adults in good
and adverse listening conditions. In this study, pairs
of OA (either with normal hearing, OANH, or with
hearing loss, OAHL) and YA talkers completed
collaborative ‘spot-the-difference’ picture tasks [15]
with a YA interlocutor in different listening
conditions, including a condition where both talkers
interacted in 8-talker babble noise. Even though
adding background noise did not affect
communication efficiency (i.e., task completion time)
in any of the three groups, the OAHL group differed
from the YA and OANH groups in the speech
adaptations made to compensate for the effects of
background noise: when speaking in babble noise,
only the OAHL group made adaptations that were
consistent with an increase in speaking effort.
In the current study, we expanded the studies by
[6] and [9], by investigating communication
efficiency, listening and speaking effort in normally
hearing older adults, communicating with an agematched interlocutor, under good and adverse
listening conditions that differ in terms of their
energetic masking potential and informational
content. We recorded spoken interactions taking
place (a) in quiet, (b) in noise with no informational
content (“pure” EM), (c) background speech related
to the task (IM), and (d) background speech unrelated
to the task (IM). To elicit spontaneous interactive

ABSTRACT
Most communication in everyday life takes place in
less than ideal listening conditions and the presence
of noise or other voices in the background is often
challenging for older adults. This study investigated
how the informational content of the background
noise affects communication in age-matched younger
and older talker pairs. We used an interactive ‘spotthe-difference’ task to elicit spontaneous interactive
speech in younger (20-27 years, N=10) and older (5876 years, N=20) female talkers with normal hearing.
The task was done in quiet and in three different
masker conditions varying in informational content:
no content (speech-shaped noise), unrelated speech,
related speech. Communication efficiency, self-rated
listening effort, and acoustic-phonetic features of
speech were measured for all conditions. Even though
younger and older talkers did not differ in task
efficiency or self-rated effort in the masker
conditions, some of these conditions elicited speech
adaptations consistent with increased speaking effort
in older talkers.
Keywords: speech production, speech-in-noise,
spontaneous speech, speech adaptations, aging.
1. INTRODUCTION
Our ability to communicate successfully with others
can be strongly affected by the presence of noise and
other voices in the environment, and older adults
(OAs) can be more greatly affected than young adults
(YAs) in these situations [1]. The interference (or
masking) that is caused by one sound on the
perception of another depends on the characteristics
of the masker: whether energetic (EM) or
informational masking (IM, e.g., speech-on-speech
masking). The weighting between the effects of EM
and IM can vary with listener age, with some studies
showing increased effect of IM in older adult listeners
[11, 14]. However, most studies have focused on the
effects of background noise onto speech perception
and relatively few have investigated the interference
of these noise types on speech production [4]. One
such study [6] showed that while completing
interactive Sudoku-tasks, young adult talkers adapted
the way they speak in proportion to the energetic
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speech, we used the same problem-solving task as in
[9] under these four different listening conditions. We
measured communication efficiency (i.e., time it took
to find the differences), self-rated listening effort and
speaking effort (i.e., acoustic-phonetic adaptations of
the speech).
We predicted that OAs would be less efficient
communicators in background noise, and that it
would take them longer to complete the task than
YAs. Second, we predicted that the presence of noise
in the background would lead to an increase in both
listening effort and speaking effort in older adults.
Lastly, we predicted that older adults would be more
affected by the informational content (i.e., unrelated
versus related speech) of the interfering masker
sounds than YAs. This would lead to a decrease in
communication efficiency and increase in speaking
effort in the related speech condition.

picture), and iv) IM that is semantically unrelated to
the task (IM-UR; i.e., talking about a different
picture). Both IM-RE and IM-UR were 3-talker
maskers consisting of a male, a female and a child
speaker. The picture and noise condition orders were
randomised. In order to increase real-life validity of
these adverse conditions, we used a Spatial Audio
Simulation System software (Audio 3D) [2] that
mimics real room acoustics combined with headrelated transfer functions in real-time via headphones.
The maskers and the voice of the interlocutor were
spatially separated by 1 meter from both each other
and the “live” talker. These virtual room simulations
were presented over headphones at 72 dB in the noise
conditions.
Figure 1: A Diapix picture pair.

2. METHOD
2.1. Participants

Speech was audio recorded from 30 age-matched
female pairs of monolingual native speakers of
Standard Southern English aged between 20-27 years
(Younger Adults, YAs, N=10, Mean age 22.5 years)
and 58-76 years (Older Adults, OAs, N=20, Mean age
66.3 years). All participants had normal hearing
thresholds (<20 dB HL) across the 0.25-4 kHz range
and reported no history of speech and language
impairments or neurological trauma. All participants
aged over 65 years passed a Montreal Cognitive
Assessment (MOCA) –dementia screening test [12].

2.3. Data processing

All recordings were automatically transcribed using a
speech recognition system by Speechmatics [7] and
then manually corrected for word-level errors and
audio-transcription misalignments. From the
recordings we calculated three measures that reflect i)
communication efficiency (i.e., time in seconds from
start to finding 8th difference), ii) listening effort (11point scale: “Did you have to put in a lot of effort to
understand your partner?”, 0=lots of effort, 10= no
effort) and iii) three acoustic-phonetic measures that
reflect speaking effort (i.e., articulation rate, median
F0 and intensity; see [9] for details of the analysis).
Articulation rate was calculated as the number of
syllables divided by the total duration in seconds of
the speech regions (syllables/second). Syllable counts
were calculated using the qdap package in R [12],
after exclusion of segments labelled as unfinished
words, hesitations, fillers, and agreements.
For median F0, a Praat [5] script was used to
concatenate all speech; F0 calculations were then
done using the “pitch” function, with a time step of
100 pitch values per second. A formula by [8] was
used to calculate ceiling and floor limits specific to
each talker and median F0 values were calculated per
condition. Values in Hertz were converted to
semitones relative to 1 Hz.
For the intensity measure, long-term average
spectra (LTAS) were calculated in Praat. First, the

2.2. Procedure

During the audio recordings, participants sat in
separate
acoustically-shielded
rooms
and
communicated via headsets fitted with a cardioid
microphone (Beyerdynamic DT297) whilst playing
interactive ‘spot-the-difference’ Diapix games [3] on
a desktop PC. Participants were given different
versions of the same picture scenes (Fig. 1) and told
that they had 10 minutes to find the 12 differences
between the pictures. Each talker was recorded on a
separate channel at a 44 100 Hz (16 bit) sampling rate
using a Fireface audio interface and Audacity audio
software. One of the talkers was instructed to lead the
interactions; all analyses reported here focus on the
lead talker.
The picture task was carried out in four listening
conditions affecting both participants: both speakers
in i) quiet (“normal”, NORM), ii) EM with no
informational content (speech-shaped-noise, SPSN),
iii) IM that is semantically related to the picture
description task (IM-RE; i.e., talking about the same
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intensity of labelled speech segments was calculated
(values above 88 dB were excluded, as likely
instances of shouting). The remaining segments were
concatenated and scaled to 75 dB. The signal was
then bandpass filtered between 1 and 3 kHz and the
mean intensity of the resulting waveform calculated
for a measure of the amount of energy in the 1–3 kHz
frequency range relative to the total energy in the
spectrum (ME13). An increase in the relative energy
in this mid-frequency band reflects a reduction of
spectral tilt. For evidence of increased speaking
effort, we expected to see, first, a reduction in
speaking rate and second, a significant positive
correlation between the median F0 and ME13
measures [9].

Table 2), but neither the main effect of Group
(p=.141) nor Group and Condition (p=.368)
interaction were significant. All three noise
conditions were rated as significantly more effortful
than NORM (p≤.001 all comparisons) and the
informational masking conditions were rated as
significantly more effortful than the SPSN condition
(p≤.028). The two informational masking conditions
did not differ from each other (p=.711).
Table 2: Means and standard deviations for selfrated effort (10=”no effort”, 0= “lots of effort”) in
the Diapix task in different listening conditions for
the younger (YA) and older (OA) talkers.

NORM
IMRE
IMUR
SPSN

3. RESULTS
Repeated measures ANOVAs were carried out for
within-subject factor listening Condition (4: NORM,
IM-RE, IM-UR, SPSN) and a between-subject factor
Group (2: YA, OA) separately for communication
efficiency and listening effort. To quantify speaking
effort we, first, ran a repeated measures ANOVA (as
above) for articulation rate, F0 median and ME13
measures and, second, Pearson’s bivariate
correlations between the median F0 and ME13
measures separately for the YA and OA groups. For
the correlations, the F0 and ME13 values were
normalised as percentage change relative to NORM.

3.3.1 Articulation rate
There were significant main effects of Condition,
F(3,84)=11.98, p<.001 and Group, F(1,28)=7.77,
p=.009 and the Group and Condition interaction
approached significance, F(3,84)=2.49, p=.066; see
Fig. 2). OAs (M=3.73 s/s) were slower speakers than
YAs (M=4.19 s/s), and articulation rate was faster for
NORM than for adverse conditions (all comparisons,
p<.001). The follow-up comparisons for the nearsignificant Group and Condition interaction revealed
that this difference in articulation rate between
listening conditions was driven by the OA group:
articulation rate was not significantly different
between listening conditions for the YA talkers
(p=.194) whereas it was for the OA talkers (p<.001,
see Fig. 2).

For communication efficiency, there were no
significant effects of listening Condition, F(3,
84)=2.14, p=.102, or Group, F(1,28)=0.34, p=.505,
and the interaction between Group and Condition was
also not significant, F(3,84)=0.83, p=.482 (see Table
1 for mean scores). Overall, across groups, neither
adding noise nor the energetic and informational
content of the background masker affected the time it
took to find differences in the Diapix task.

Figure 2: Articulation rate for younger adult (YA)
and older adult (OA) talker groups.

Table 1: Mean (in seconds) and SDs for time it took
to find the 8th difference in the Diapix task for the
younger (YA) and older (OA) talkers.

YA
237 (60)
257 (70)
277 (102)
284 (85)

OA
8.18 (2.66)
5.58 (3.04)
5.25 (2.87)
6.18 (2.78)

3.3. Speaking effort

3.1. Communication efficiency

NORM
IMRE
IMUR
SPSN

YA
8.20 (2.35)
3.70 (1.89)
3.68 (2.26)
5.05 (2.31)

OA
274 (75)
279 (68)
268 (62)
302 (117)

3.2. Listening effort

Self-rated listening effort increased significantly in
all noise conditions, F(3,84)=17.97, p<.001 (see
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3.3.2 Median F0, ME13 and correlations between
F0 median and ME13 measures

These results conflict with previous findings by
[9] who showed increased speaking effort in
background noise only in older adults with agerelated hearing loss. In the study by [9], normally
hearing older adults did not need to exert speaking
effort when speaking in 8-talker babble noise, a more
“static” type of masker, where the semantic content is
unintelligible. The current study differed from [9] in
two important aspects: i) we used a more intelligible
3-talker babble with spatially separated sound
sources, and ii) both groups of talkers interacted with
age-matched interlocutors. More intelligible maskers
can cause more interference and may require exerting
more effort, especially for older talkers [14]. Also,
talkers adapt their speech to meet the needs of their
interlocutor [10], and interacting with another older
adult, who is likely to be more affected by the
background noise than a younger adult interlocutor,
may require investing more effort to enable effective
communication. Furthermore, the fact that there was
no difference in communication efficiency between
good and adverse listening conditions can also reflect
different allocation of effort between younger and
older talkers. Younger adults may not find these noise
conditions particularly challenging whereas older
adults may only achieve the same level of efficiency
between good and adverse conditions by investing
more speaking effort in the noise conditions.
In summary, these results suggest that normally
hearing younger and older adults find interacting in
background noise effortful, especially if background
noise was speech, but only older adults need to recruit
more speaking effort to maintain successful
communication with largest effects observed for
background speech that was semantically related to
the picture description task and for speech-shapednoise.
The current study has some limitations, however,
as effort can be expressed in different ways by
different listeners and talkers and also at different
linguistic levels (i.e., effort is not necessarily
restricted to only acoustic-phonetic speech
adaptations [4,6]). Thus, further investigations on
different talker groups (e.g., male talkers, older adults
with age-related hearing loss) and levels (linguistic
adaptations, effects of listener feedback, temporal
adjustments) is required to gain a more
comprehensive picture of communication difficulties
in older adults.

There were no significant group differences in the
F0 median and ME13 measures (p≥.207). Both YA
and OA groups significantly raised median F0,
F(3,84)=118.21, p<.001, and ME13, F(3,84)=89.75,
p<.001, in background noise with largest changes for
the SPSN condition (p≤.001). For speaking effort, a
significant positive correlation between the F0
median and ME13 measures were obtained for the
OA talkers in the IMRE and SPSN conditions and a
marginally significant correlation in the IMUR
condition (see Table 3). No such relationship
between these measures was found in the YA group
in any of the noise conditions.
Table 3: Correlations between F0 median and
ME13 (% change relative to NORM) in younger
(YA, N=10) and older (OA, N=20) talkers for
different noise conditions.

IMRE
IMUR
SPSN

YA
r=.-.150,
p=.679
r=.-.303,
p=.395
r=.-.062,
p=.865

OA
r=.579,
p=.008**
r=.433,
p=.057
r=.493,
p=.027*

4. DISCUSSION
We investigated if older adult talkers are less efficient
and need to exert more listening and speaking effort
when communicating in background noise with an
age-matched interlocutor. We also investigated if the
informational content of the background noise is
more disruptive for older talkers than it is for younger
talkers. Against our predictions, background noise
had no effect on communication efficiency as
measured by the completion time of a picture
description task. When speaking in noise, however,
both younger and older listener groups reported
increased listening effort in the noise conditions with
highest effort rating for the related and unrelated
informational masking conditions. For the older
talker group, background noise also increased
speaking effort with slower articulation rate and
concomitant changes in pitch and mid-frequency
energy measures in noise relative to quiet. Against
our predictions, however, the semantic relatedness of
the informational background noise did not play a
role in communication difficulties or the speech
adaptations made to compensate for these difficulties
in older talkers.
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ABSTRACT

duration, vowels in clear speech are generally longer
in duration than those in conversational speech [5, 9,
19]. These hyper-articulated properties of clear
speech are not unexpected since clear speech is
elicited in contrived laboratory settings using
linguistically controlled stimuli.
IDS has been similarly shown to exhibit an
expanded vowel space that is believed to have a
didactic role due to infants’ linguistic needs [13, 16].
However, a study by [6] did not find stretching of the
vowel triangle along the F1/F2 dimension in IDS, but
rather a shift of the vowel triangle along the F1
dimension, suggesting more open vowels. IDS is also
characterized by a slower speech rate and higher pitch
[13, 20]. Heightened pitch contours and varied pitch
ranges in IDS are believed to arouse a child’s
attention and enhance positive affect [10]. FDS
research has hypothetically assumed that FDS should
be similar to IDS or clear speech given that foreigners
have linguistic needs in the target language [22].
Indeed, a small body of research found FDS to have
a larger vowel space and longer vowel duration, but
not higher mean f0 compared to adult directed speech
(ADS) [20, 22]. This was explained as demonstrating
that FDS shares the same properties as IDS when it
comes to the didactic role, but lacks increased
properties of affect.
Differences in the methodologies used and the
heterogeneity of FDS contexts point to the need for
further research in this area. For instance, apart from
the issues relating to F1/F2 expansion highlighted
above, it is unclear whether prosodic position has
been controlled for. Further, some studies on FDS
used contrived data collection tools such as
hypothetical listeners to elicit speech samples. Lastly,
vowel intensity and loudness have not been examined
directly in the abovementioned research.
The current study extends existing research on FDS
and examines speech to an understudied but
significant population of ‘foreigners’, that of African
and Asian domestic helpers in the Gulf. The study
focuses on the acoustic characteristics of Arabic
vowels in FDS, expanding this area of research
beyond work on English; it also provides a first report
on vowel intensity in FDS. As these foreign helpers
originate from different countries and have different
first languages, the little research that there is has so

The acoustic properties of vowels in clear speech
have been extensively investigated, but a less
explored area is that of foreigner directed speech
(FDS). This study examined the production of Arabic
/iː/, /uː/, /aː/ in the speech of 22 native Omani
speakers, either addressing their foreign domestic
helpers (FDH) or a native speaker (NS). Words
containing the target vowels were elicited using an
interactive spot the difference task. Vowel space, F1
and F2 measures, F0, intensity and duration were
compared in productions to FDH and NS
interlocutors. Speech to FDHs yielded higher F1,
greater vowel space expansion and higher pitch and
intensity than speech directed to the NS, but the
differences were modest and there was no effect on
F2. Moreover, vowels in speech to FDHs were
surprisingly shorter in duration than those in speech
to the NS. External factors relating to the peculiarity
of the FDH context are considered.
Keywords: foreigner directed speech, acoustic
properties
1. INTRODUCTION
Talkers tend to speak more clearly and to
hyperarticulate their speech sounds under certain
conditions such as a noisy environment or when
interacting with listeners who are deemed to require
more intelligible speech; these include hearingimpaired listeners, infants/children and non-native
listeners. The acoustic modification of vowels has
been widely investigated in clear speech and infant
directed speech (IDS) research.
Clear speech is typically characterized by an
expanded vowel space compared to conversational
speech [5, 8, 19], though this is not immediately
obvious in all the acoustic patterns investigated. For
instance, F1 is typically found to be higher in clear
speech regardless of vowel category, indicating that
speakers produce more open vowels and increase
their vocal effort [8]. On the other hand, F2 patterns
do indicate expansion. Clear front vowels have
typically been found to have higher F2, while clear
back vowels have lower F2, maximising the area
between front and back vowels [8]. With respect to
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far focussed on their own pidgin form of Arabic rather
than speech addressed to them [2].
Based on the above-mentioned studies, we predict
that vowels in FDS would have an expanded vowel
space and longer duration. We also hypothesize that
FDS and ADS would not be different in f0 but that
FDS would have higher intensity.

two consecutive sessions, each participant was
instructed to sit opposite her interlocutor and to try to
spot twelve differences between each picture pair
without seeing each other’s pictures. The NS had all
the missing items on her version of the pictures and
was encouraged to take the lead and negotiate the
differences with her interlocutor. The interaction was
recorded using Edirol digital recorder R-09HR by
Roland with a sampling rate of 44.100 Hz and 16-bit
quantisation. This was connected to a Sennheiser
radio microphone which the participant wore.

2. METHOD
2.1. Participants

To elicit FDS, 22 female native Omani speakers
(NSs) (mean age: 34) and their female foreign
domestic helpers (FDHs) participated in the study.
The FDHs were diverse in terms of their country of
origin, length of residence (LoR) and Arabic
proficiency level. They came from countries in Asia
and Africa (e.g. India, Philippines, Bangladesh, Sri
Lanka, Indonesia, Tanzania, Ethiopia, Nigeria, and
Uganda). They had varying Arabic experiences based
on their LoR in the Arab world (0.7- 21 years (mean:
6.23). They had been exposed to Arabic in a
naturalistic setting and had not received formal
instruction in the language. They all spoke with a
noticeable foreign accent but their proficiency level
in Arabic varied based on their LoR in the Arab
world. Thus, those who had been in the Arab world
for quite a long time could communicate better than
those who had spent a few months or years. They had
been working with their current employers for no less
than two months (0.16 - 4 years). As a comparison
group and to elicit ADS, a female native Omani adult
was recruited (the first author). She was from the
same home town of the NSs and spoke the same
dialect. The participants reported no history of
hearing problems.

2.4. Acoustic Analyses

A total of 680 words were acoustically analysed in
both conditions (FDS=429 & ADS=251).
Impressionistic examination revealed that all words
appeared in a stressed position in the utterance.
Acoustic measurements were carried out in Praat
using a script. Formant frequencies were manually
checked for any errors that might result from
automatic extraction.
The vowel space area represented the triangular
area encompassing the three vowels constructed from
the averaged F1 and F2 values of both FDS and ADS
conditions on the x-y plane [14] using the PhonR
package [17]. F1 and F2 values were obtained from
vowel midpoint. They were converted to the
psychoacoustic Bark scale [21]:
Z= {26.81/ (1+1960/f}-0.53, where Z is the criticalband value of a formant in Bark and f is a formant’s
frequency in Hertz. Duration was calculated from the
waveform and spectrogram. Vowel F0 and intensity
were obtained from vowel midpoint.
2.5 Statistical Analysis

Statistical analyses were carried out in R. The
polygon area that connects vowel formant means was
used to obtain vowel space means using phonR. To
obtain p-values for vowel space area, a simple t-test
was used. Linear mixed effect models were used to
test the effect of speech register on F1, F2, duration,
F0 and intensity using lme4 package [4]. Speech
register was used as fixed effect. As random effects,
we had intercepts for speakers and lexical items. To
test whether any modification in F1, F2, duration, F0
and intensity is the by-product of prosodic position in
which the vowels appear, each vowel was assigned
either 0 or 1 depending on whether the vowel
appeared in a word at a phrase boundary or not [18].
Vowels that appear at a phrase boundary might be
longer in duration, which could contribute to F1/F2
expansion. A full linear mixed effect model including
speech register and prosodic boundary as fixed effects
was compared against a reduced model without

2.2. Material

Nine content Arabic words that contain one of three
Arabic long vowels (/iː/, /aː/, /uː/) (/fiːl/ ‘elephant’,
/tiːn/ ‘fig’, /ħaliːb/ ‘milk’, /baːb/ ‘door’, /taːg/
‘crown’, /kɪtaːb/ ‘book’, /fuːl/ ‘chickpeas’, /tuːt/
‘berries’, /χaruːf/ ‘sheep’) were used. All vowels
appeared in a stressed syllable.
2.3. Procedure

In order to obtain comparable samples of the target
vowels across speech registers, participants were
engaged in a spot the difference task [1]. The task
consisted of six picture pairs with three different
scenes, two pairs per scene, one to elicit FDS and the
other to elicit ADS. The scenes had objects that
represented the target words and some distracters. In

811

speech register for all three vowels (10 models). The
random effect structure was similar to the one above.
P-values were obtained by likelihood ratio tests [3].

ratio test revealed that the full model with the effect
in question (speech register) was significant
(χ2(1)=13.33, p<0.01), indicating that the effect of
speech register is more prevalent than that of prosodic
boundary. Another factor that could contribute to a
reduction in word duration is word repetition,
especially in spontaneous speech [12]. In our case,
there were more word repetitions in FDS than in
ADS, which could have contributed to this reduction
in vowel duration in FDS. Thus, we excluded all word
repetitions from both registers. LMER revealed that
the difference in vowel duration between both
registers was now insignificant (p>0.05). Vowels in
ADS were still slightly longer but only by 3.1 ms ±
3.43 (standard errors).

3. RESULTS
3.1. Vowel Space Area

A simple t-test revealed a significant main effect of
speech register (t= 33.7, df=1, p= 0.01). The overall
mean vowel space area of FDS (7.9 Barks) was larger
than that of ADS (7.4 Barks) (Figure 1). However, the
expansion of the vowel space area in FDS was driven
by a change in the F1 rather than the F2 dimension.
Figure 1: Vowel space of Arabic vowels in FDS and
ADS

3.4. Vowel Intensity and F0

LMER revealed a significant effect of speech register
on vowel intensity (p<0.01). Vowels in FDS were
higher in intensity by 1.72 dB ±0.28 (standard errors)
than those in ADS. A likelihood ratio test showed that
speech register contributes significantly to this
increase in vowel intensity and beyond the
contribution of prosodic boundary (χ2(1)=33.55,
p<0.01).
For vowel F0, there was a significant effect of
speech register (p<0.01). Vowels in FDS were higher
in F0 by 16.42 Hz ± 2.22 (standard errors) than those
in ADS. A likelihood ratio test revealed a more
significant weight for the full model with the effect in
question (χ2 (1)=52.44, p<0.01).

3.2. F1 & F2 at Steady State

For F1, LMER revealed a significant effect of FDS
on the increase in F1 for all vowels (p<0.01). F1 of
FDS was higher by 0.11 Barks ± 0.07 (standard
errors) for /i:/, 0.2 Barks ± 0.09 (standard errors) for
/a:/, 0.15 Barks ±0.04 (standard errors) for /u:/
compared to ADS. Likelihood ratio tests revealed that
speech register contributed significantly to the
increase in F1 for all vowels and beyond the effect of
prosodic boundary (χ2 (1)= 6.65, p<0.01,
(χ2(1)=20.58, p<0.01, χ2(1)=11.32, p<0.01 for / i:/, /
a:/, /u:/ respectively).
For F2, LMER revealed no significant effect of
speech register on /i:/ or on /u:/. F2 for /i:/ in FDS was
lower by 0.08 Barks ± 0.09 (standard errors), p>0.05
compared to that in ADS. F2 for /u:/ in FDS was
higher by 0.09 Barks ± 0.09 (standard errors), p>0.05.

6. DISCUSSION
The results of this study shed light on the acoustic
properties of vowels in speech directed to a special
group of foreigners learning the target language in a
naturalistic setting. F1 was significantly modified in
FDS compared to ADS. The increase observed in F1
for the three vowels proved to be mainly the effect of
speech register rather than the prosodic boundary in
which the vowels appear. F2 of the front vowel was
slightly lower in FDS than that of ADS and F2 of the
back vowel was slightly higher in FDS than that of
ADS though differences were hardly noticeable and
insignificant. The increase of F1 in FDS is consistent
with previous findings on IDS and clear speech [6, 8,
9]. It indicates that speakers are producing more open
vowels as they increase their vocal effort. Vowel
space was found to be expanded in FDS compared to
ADS. This pattern is in line with previous research [8,
13, 22]. However, findings of vowel space in the
current study reflect changes in F1 but not F2, which
is against the hyperarticulation hypothesis.
To address the lack of FDS effect on the front
vowel /i:/ or the back vowel /u:/ with regards to F2

3.3. Vowel Duration

LMER revealed a significant difference between FDS
and ADS in regard to vowel duration. Vowels in FDS
were found to be shorter by 9.41 ms ±2.82 (standard
errors), p<0.01 than vowels in ADS. Further analyses
were carried out to find out if longer vowel durations
in ADS are due to prosodic boundary. A likelihood
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and more generally the lack of support for the
hyperarticulation hypothesis, we may refer to the
special FDH context. The hyperarticulation of speech
sounds observed in clear speech are not surprising
given the methodological conditions set for these
studies. Hence, a more peripheral position of these
vowels may be more evident if speech was
constrained by the linguistic context or speech was
given in other conditions similar to these used to elicit
clear speech. In addition, hyperarticulation in IDS has
been challenged [6, 7], and the linguistic needs of
infants are different from those of adults learning a
foreign language. Furthermore, NSs in this study may
not have seen a need to hyperarticulate their speech
to FDHs due to the fact that NSs in this study were
more familiar with their FDHs than they were with
the NS interlocutor. To this end, this finding
highlights the importance of examining F1 and F2 of
each vowel separately before making conclusions
about any expansion in vowel space as well as
considering the context of study. From this, we
cannot conclude that modifications in vowels in
speech directed to FDHs entail hyperarticulation or
serve a linguistic benefit for the language learners.
The results also showed that vowels in FDS were
significantly shorter than those in ADS. This finding
was against our prediction and was found to be
inconsistent with previous findings [5, 7, 8, 13, 20].
This raises the issue of why vowels in FDS are
shortened. We considered word repetitions in FDS,
since the task lent itself to spontaneous interactions in
which speakers had the chance to repeat words for
clarity of context or further negotiation. This was
indeed shown by the larger number of words
addressed to FDHs than to the NS. Findings revealed
that the difference in vowel duration between ADS
and FDS was insignificant as it dropped from 9.48 ms
to 3.1 ms when repeated words were removed from
analysis. Hence, repeated words is one way to explain
the significant shortening of vowels in FDS. This
once again puts into question the didactic or clear
speech aspects of FDS to this population of learners.
Another likely explanation for this finding is the
degree of familiarity with the subjects. Further
research is needed to assess the relationship between
familiarity with the subjects and acoustic
modifications in speech.
Mean fundamental frequency (F0) or pitch was
also found higher in FDS compared to ADS. This was
mainly due to an effect of speech register and not a
by-product of prosodic position. This finding was not
in line with FDS studies, which did not find a
difference between FDS and ADS with regards to
mean F0 or pitch range [20, 22]. This finding is,
however, consistent with IDS findings though
differences of F0 between IDS and ADS are more

robust [22]. To explain this deviation from previous
FDS studies, we may consider the NS-FDH context
and compare it to that of the mother-child context. If
mothers use attention-eliciting cues by heightening
their pitch when talking to their children, native
speakers might similarly arouse their FDH’s attention
to the target words by increasing word F0. This might
be especially valid given the similar language
learning setting of infants and FDHs. Research has
also shown that increase in pitch is sometimes caused
when mothers repeat target words in response to a
child’s failure to attend properly [11]. Given that high
F0 is a property of auditory signals intended to be
alerting, elevating pitch on consecutive repetitions
could be an effective strategy to call the child’s
attention to the target word [11]. Similarly, NSs in
this study could have used an equivalent strategy
given that NSs repeated themselves when FDHs
failed to comprehend the target word or the speech
context. Future research should investigate this
further by examining similar FDH contexts.
Vowel intensity significantly increased in FDS
compared to ADS. This was primarily due to an effect
of speech register and not a consequence of prosodic
boundary in which the vowels appeared.
Comparisons of this finding with other work on
speech register are hard to make due to a lack of
research on the effect of speech register on vowel
intensity specifically. An increase in a sound’s
intensity is the result of an increase in respiratory
effort [15]. Sounds produced with higher intensity are
perceived as louder by listeners. Although not as
powerful as F0, intensity is one prosodic cue to
linguistic emphasis [11]. The FDH context might be
one factor triggering this increase in intensity.
Exaggerated intensity rates or speaking louder could
therefore be a strategy used by NSs to emphasize
target words. Further research is needed to assess this
property.
Taken together, these findings show how changes
in speech directed to special listeners are unique to
the listeners’ context. The results reveal modest
expansion in the way the vowel space was larger in
FDS and F1 was higher. However, the lack of F2
difference between FDS and ADS and the significant
shortening of vowels in FDS put the hyperarticulation
hypothesis into question. The NSs familiarity with
their FDHs might have triggered the lack of FDS. The
results also reveal that F0 and intensity were higher,
which makes it likely that these prosodic cues are
being used to emphasise target words and stimulate
auditory attention to FDHs.
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adults (OA) had either normal hearing thresholds or
mild age-related hearing loss. In challenging
conditions, older adults with normal hearing typically
patterned with young talkers while those with hearing
loss made clear speech adaptations more consistent
with an increase in vocal effort. This suggested that
even a mild hearing loss in healthy OAs could affect
clear speech adaptations.
These findings were for recordings made when
participants could hear but not see each other. Faceto-face communication is beneficial in challenging
conditions as it provides visual cues to conversational
partners that complement auditory cues, as well as
backchannelling cues (e.g., nodding) that can signal
understanding. As suggested by Lindblom’s HyperHypo model of speech production [11], talkers will
reduce speaker effort if this does not impact
communication
efficiency,
so
face-to-face
communication (AV) could lead to a reduction in
clear speech adaptations relative to when no visual
cues are present (A) [8]. However, in a study
comparing A to AV communication between
participant pairs for a simple problem-solving task,
adaptations to some suprasegmental aspects of speech
were not significantly reduced in the face-to-face
setting [9]. Here, this effect is explored with a less
constrained task and a larger sample including older
as well as younger talkers. In [6], an analysis of gaze
frequency and duration suggested that older adults
with normal hearing looked less and less often at their
conversational partner, which could lead to an age
effect in the A to AV comparison.
Our research questions were as follows:
- How does seeing an interlocutor in communicative
speech affect the suprasegmental aspects of speech
production in easy and difficult communicative
conditions?
- What is the impact of speaker age on this effect of
face-to-face communication?
- Is there a correlation between gaze frequency and
degree of acoustic adaptations?
We hypothesised that (a) there would be a higher gaze
frequency for older adults with hearing loss than for
their hearing peers or young adults due to their own
increased reliance of visual cues and (b) greater gaze
frequency would be related to a decrease in acoustic
adaptations.

ABSTRACT
This study investigated whether seeing a
conversational partner while carrying out a
collaborative task (diapix) in easy and difficult
communicative conditions affected clear speech
adaptations in older and young adults. 17 older (OA)
and 13 young (YA) women were recorded while
doing diapix with a conversational partner; in one
condition, they could hear each other normally
(NORM) while in another, the partner had a simulated
hearing loss (HLS). Both conditions were in audioalone and audiovisual modes. Articulation rate,
fundamental frequency, mid-frequency energy and
gaze count were analysed. In NORM, seeing their
interlocutor had little effect on acoustic
characteristics for OA or YA talkers. In HLS, across
talker groups, gaze frequency increased and clear
speech adaptations in articulation rate and midfrequency energy, but not F0, reduced when talkers
saw their partners. These findings support the view
that interlocutor needs and the aim to minimise talker
effort both affect clear speech adaptations.
Keywords: Speech production, speaker-listener
interaction, clear speech, spontaneous speech, ageing
1. INTRODUCTION
Much communication occurs in challenging
conditions. Communication difficulties can be due to
environmental factors such as noise or the presence
of other voices in the background. They can also be
due to listener-related factors when, for example,
communicating with someone who has a profound
hearing loss (for a review see [12]). Much research in
recent years has focused on the clear speaking style
that speakers adopt in such conditions to maintain
effective communication. In clear speech, adaptations
are typically made to acoustic-phonetic features such
as articulation rate, fundamental frequency mean and
range, spectral tilt, vowel space (for a review, see [5]).
A recent study has focused on the clear speech
adaptations made by older adults and young adult
controls when carrying out a problem-solving task
with a conversational partner (a young adult) in good
and challenging listening conditions [10]. Older
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hearing loss simulation (HLS) condition, where
Talker B had a simulated severe-to-profound hearing
loss (see [10] for full description). Participants were
told that their partner had a simulated hearing loss but
they did not experience this directly.
The NORM and HLS conditions were carried out
in two modes: audio (A), where talkers could only
hear each other, as a window blind was pulled down,
and audiovisual (AV) where they could also see each
other via a window. Recordings in A and AV modes
were done at separate sessions, with the mode order
randomised across participants. At each session,
NORM was first, and the adverse conditions
randomised within groups. Each talker was recorded
on a separate channel (16 bit, 44,100 Hz sampling
rate). In AV, Talker A was video-recorded with a
640*480 (VGA) camera at 30 fps.

2. METHOD
2.1. Participants

Participants were a random subset of the adult female
talkers recorded for the elderLUCID corpus [10].
Thirty female talkers (‘Talker A’) of Southern British
English were divided into two age groups: ‘older
adults’ (OA) (N=17, range: 64-77 years, M=70.7) and
‘younger adults’ (YA) (N=13, range: 19-26 years,
M=21.4). Participants reported no history of speech
or language impairments and normal or corrected
vision. YA participants all had normal hearing
thresholds. Within the OA group, 9 OANH (M=69.3
years) had normal hearing defined as a mean puretone hearing threshold <20 dB HL calculated over
.25-.50-1-2-4 kHz (mean better ear average: 11 dB
HL, S.D. 6.1) while 8 OAHL (M: 72.2 years) had a
mild age-related hearing loss defined as a mean
threshold of 20-45 dB HL (mean better ear average:
28.4 dB HL, S.D. 5.4). The OA and YA groups did
not differ significantly in background cognitive
measures (digit span and word association tests).
A further 30 young women (range: 18-30 years;
M=21.0) were conversational partners (‘Talker B’)
whose speech was not analysed. Participant pairs did
not know each other prior to testing.

2.3. Data processing

For all recordings, a cloud-based speech recognition
system [4] was used to obtain time-aligned
orthographic transcriptions of each channel. These
were manually checked and corrected for
orthographic and word-alignment errors. The
following acoustic characteristics were analysed for
Talker A’s speech recordings. For further details
about analysis procedures, see [10].
Articulation rate was calculated as the number of
syllables produced by Talker A, calculated using the
qdap package in R [13], divided by the total duration
(in seconds) of the speech regions.
For fundamental frequency (F0) measures, for
each file, a Praat [3] script was used to concatenate
speech intervals and F0 calculations were done using
the ‘pitch’ function. We used a formula [7] to
calculate ceiling and floor limits specific to each
talker, to exclude rogue values. For each talker,
median F0 values and F0 range (1st to 3rd quartile)
were calculated per condition and mode.
For the mean energy 1-3 kHz (ME1-3kHz)
measure, long-term average spectrum analyses were
done using a Praat script. After excluding speech
segments above 88 dB, segments were concatenated
and signal intensity scaled to 75 dB. The signal was
band-pass filtered (1-3 kHz) and the mean intensity
of this band calculated relative to the total energy. An
increase in the relative energy in this mid-frequency
band reflects a reduction in spectral tilt.
ANVIL AV annotation software [1] was used to
calculate gaze frequency. An annotator marked when
Talker A raised their head to look at their
conversational partner. For each talker, gaze count
and total gaze duration were calculated per condition.

2.2. Procedure

2.2.1. Experimental task
Diapix [14], a problem-solving ‘spot the difference’
picture task, was used (with the diapixUK picture
pairs [2]) to elicit spontaneous interactions in a
communicative situation between the pair of
participants. Participants had to collaborate to find 12
differences without seeing their partner’s picture.
Talker A (whose speech was analysed) was told to
lead the conversation. Participants were told to start
in the top left-hand corner of the picture and work
clockwise. The task was stopped after 10 minutes or
after all differences had been found if earlier.
2.2.2. Recording conditions
Before the recordings, each participant pair practised
diapix for 5-10 minutes while seated in the same
room. For the recordings, they were seated in adjacent
sound-treated rooms, connected by a two-way
window. They wore Eagle G157b lapel microphones
and Vic Firth SIH-1 headphones.
In addition to the condition where both talkers
interacted without any interference (NORM), diapix
was carried out when communication was impaired
for one or both participants, to naturally elicit a clear
speaking style. Here, data are presented for the
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Hz) relative to A (M=196), as shown in a paired t-test
(p=.002) whilst OAs did not change their median F0
across modes (M=188 in A vs M=192 in AV).
For F0 range, there was no main effect of mode
(p=.937) or group*mode interaction (p=.271) but
there was an effect of age group, F(1,28)=18.59,
p<.001, ηp2= .40: OAs had a wider F0 range (M=40.5
Hz) than YAs (M=29.4).
For the ME1-3 kHz measure, as OANH
participants differed from OAHL, statistics are
reported for them treated as separate groups. There
was no main effect of mode (p=.129) or group*mode
interaction (p=.554) but there was an effect of group,
F(2,27)=4.41, p=.02, ηp2= .25: there was less midfrequency energy in the voice of OAHL (M=62.8)
than that of YA (M=66.0) and OANH (M=65.1)
talkers who did not differ.
In summary, seeing their conversational partner
when in good listening conditions had no effect on
articulation rate, F0 range or on the ME1-3 kHz
measure. The only effect was on median F0, which
was lower in AV for YAs but not OAs. Overall, OAs
did not show a different pattern of behaviour to YAs.

3. RESULTS
Repeated-measures ANOVAs were carried out with a
between-subject factor of group and within-subject
factors of condition (NORM, HLS) and mode (A,
AV). Initially, the group effect was investigated
splitting OAs according to their hearing status. Where
the OA groups did not differ significantly, statistics
are presented comparing all OAs to the YA group.
3.1. Gaze frequency

Talkers looked at their interlocutor more often (Table
1) in HLS than NORM, F(1,26)=121.3, p<.001, ηp2=
.82, but neither group (p=.454) nor group*mode
interaction (p=.142) effects were significant,
although there was a trend for YAs to have a higher
gaze count in NORM. The large variance and
significant correlation across conditions (r(28)=.662,
p<.001) suggest that gaze frequency is a talker
characteristic. The same effects were obtained for
gaze duration. As count and duration were correlated
(all p<.001), gaze count is used in further analyses.
Table 1: Mean and standard deviation for gaze
count and duration (in seconds) in AV. There are
missing data points for two OA talkers.

Group

NORM

YA
(N=13)
OA
(N=17)

Count
35.6
(24.5)
21.2
(20.9)

Figure 1: Articulation rate in syllables per second
in both presentation modes and communicative
conditions for the YA and OA groups

HLS
Dur.
48.3
(35.6)
24.3
(27.9)

Count
79.2
(18.0)
80.0
(41.6)

Dur.
153.8
(59.4)
126.4
(72.9)

3.2. Effect of visual cues on suprasegmental
characteristics in NORM condition

Next, we investigated whether, when communicating
in good listening conditions, seeing the
conversational partner had a different effect on the
speech produced by YA and OA talkers. We
predicted that the absence of visual cues in A would
lead OAs to produce clearer speech in this condition,
thus leading to a smaller A to AV change in
suprasegmental speech characteristics, as would be
shown by a group*mode interaction.
For articulation rate (Fig. 1), there was no
significant effect of mode (p=.260) or group*mode
interaction (p=.321). YAs (M=3.93 syll/s) spoke
faster than OAs (M=3.56), F(1,27)=13.22, p=.001,
ηp2= .33.
For median F0, there was no main effect of mode
(p=.233) or age group (p=.840) but there was a
crossover interaction, F(1,28)=9.41, p=.005, ηp2=
.25: YAs decreased their median F0 in AV (M=187

3.3. Clear speech adaptations in HLS in A mode

In [10], the analysis of the full corpus in A mode
showed that talkers produced clear speech
adaptations in the HLS condition. We first checked
whether this was the case for this talker subset.
Articulation rate (Fig. 1) was slower in HLS than in
NORM, F(1,28)=114.30, p<.001, ηp2=.80. Also,
talkers spoke with a higher median F0,
F(1,28)=16.54, p<.001, ηp2= .37; a wider F0 range,
F(1,28)=18.31, p<.001, ηp2= .39; and higher midfrequency energy, F(1,28)=47.32, p<.001, ηp2= .63
than in NORM. Group effects were significant for
articulation rate, F0 range and mid-frequency energy:
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YAs spoke faster with a narrower F0 range and more
mid-frequency energy. For this talker sample, the lack
of group*condition interactions suggested that OA
talkers made similar adaptations to YA talkers.
However, as in [10], only the OAHL group showed
correlated increases in median F0 and mid-frequency
energy, considered a marker of vocal effort (Table 2).

communication did not eliminate the increase in vocal
effort that was present in the A mode for this group.
3.5. Relation between gaze frequency and acoustic
measures of speech production

A significant level of p=.01 was used due to multiple
comparisons. No significant correlations were
obtained between gaze count in NORM and any of
the acoustic measures. In HLS, there was a trend for
gaze count to be correlated with the percentage of
relative change in ME1-3 kHz from A to AV in HLS
(r(129)=.465, p=.011): talkers who looked frequently
at their interlocutor also showed a greater increase in
mid-frequency energy in their voice in AV.

Table 2: Correlation between percent relative
increase in mid-frequency energy and in median F0
in NORM relative to HLS conditions (*=p<.05,
**=p<.01).

YA (N=13)
OANH (N=9)
OAHL (N=8)

A
-.578*
.126
.936**

AV
-.074
.646
.835**

4. DISCUSSION
We investigated how seeing a conversational partner
affected some aspects of speech production in easy
and difficult communicative conditions. Seeing one’s
partner had little effect on suprasegmental features
when communication was easy. This was also the
case for older talkers. In HLS, both OA and YA
participants looked more frequently at their
‘impaired’ partner to facilitate communication, but
individuals in both age groups varied widely in gaze
frequency and duration. It should be noted that the
diapix task did require participants to look down at
their pictures, which may have affected gaze
frequency and duration, but this was the case for all
participants. Contrary to findings in [9], face-to-face
communication led to a reduction in some
suprasegmental speech adaptations although the
OAHL group still produced speech with increased
vocal effort. This supports the view that speaker effort
is adapted to interlocutor needs [11] and will be
reduced when the interlocutor is provided with visual
cues as an aid to communication [8]. The lack of a
strong correlation between gaze frequency and
acoustic measures may be due to different strategies
being at play. Whilst gazes to Talker B may increase
communication efficiency and reduce the need for
acoustic adaptations, instances of miscomprehension
by Talker B may lead individuals to both look at their
interlocutor and increase their acoustic adaptations to
enable effective communication to be re-established.
A more detailed analysis of the interactions is
necessary to provide a more fine-grained account of
the effect of visual cues.

3.4. Effect of visual cues on suprasegmental
characteristics in HLS condition

This analysis investigated the impact of seeing the
‘impaired’ partner on clear speech adaptations
(comparison of HLS in A vs HLS in AV).
Articulation rate (Fig.1) was faster in AV
(M=3.56) than in A (M=3.30), F(1,28)=24.32,
p<.001, ηp2= .46 for both age groups (mode*group,
p=.613). YAs (M=3.56) spoke faster than OAs
(M=3.30), F(1,28)=6.08, p=.02, ηp2= .18.
For median F0, neither effects of mode (p=.084),
group (p=.942) or mode*group (p=.389) were
significant. For F0 range, neither the effect of mode
(p=.245), nor mode*group (p=.798) were significant.
OAs had a wider F0 range (M=46.6) than YAs
(M=35.9), F(1,28)=16.91, p<.001, ηp2= .38.
For ME1-3 kHz, as OANH participants differed
from OAHL, statistics are reported for them as
separate groups. ME1-3 kHz was higher in A
(M=66.5) than AV (M=65.9), F(1,27)=4.63, p<.05,
ηp2= .15. Mode*group was not significant (p=.080).
ME1-3 kHz was lower for OAHL (M=64.8) than YA
(M=67.5) and OANH (M=66.3) talkers who did not
differ, F(2,27)=3.43, p<.05, ηp2= .20. In AV, again
only the OAHL group showed correlated increases in
median F0 and mid-frequency energy, considered a
marker of vocal effort (Table 2).
In summary, when talkers could see their partner
with ‘impaired’ hearing, they spoke more quickly and
with less mid-frequency energy than when they could
not see them, but pitch median or range did not
change. As in A mode, OA and YA groups showed
similar patterns of modifications in HLS relative to
NORM when they could see their interlocutor. The
correlation between increases in median F0 and ME13 kHz for the OAHL group suggests that face-to-face
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context. For example, Cho’s test words occurred only
in a phrase-medial position with no control of
prominence, leaving the question unanswered as to
how the morphological effects on the gestural
realization may be further modulated by higher-order
prosodic factors such as prominence and prosodic
boundary.
The present study, therefore, continues to
investigate how the underlying morphological
structure may modulate the intergestural timing by
extending the scope of Cho’s study to examine the
interaction between the morphological structure and
the higher-order prosodic structure as reflected in
prominence and boundary factors. By taking prosodic
information into account, this study aims to illuminate
from an articulatory gestural point of view how the
phonetic fine tuning due to morphological structure is
further modulated by prosodic structure, which is
assumed to serve as a frame for articulation (e.g., [2,
9, 15]).
In the framework of Articulatory Phonology
(e.g., [3, 4, 5, 6]), the intergestural timing is assumed
to be lexically specified and invariantly stored in our
mental lexicon. According to the theory, the lexicallyspecified intergestural timing is realized by means of
some degree of cohesion among articulatory gestures,
resulting in stable intergestural timing within a lexical
item than across lexical items (e.g., [3, 6]; see also
[18]), as has been empirically supported by Cho’s
findings [8]. The specific question to be explored in
the present study is then how the intergestural timing
and stability varied by the morphological structure is
further modulated by prosodic structure.
Considering that segments in the initial position
of a prosodic phrase are produced with phonetic
strengthening as compared with the same segments
that occur in the middle of the phrase (e.g., [7, 10, 11,
13, 16, 17]), it may be possible that the location of
words within a prosodic phrase results in different
impacts on the intergestural timing in association with
the underlying morphological structures. In addition,
given that a morpheme is the smallest meaningful unit
in a language, prominence marking system may also
make reference to the underlying morphological
composition to signal an informational locus, possibly
modulating the intergestural timing relations. The
present study tests these possibilities by examining the
intergestural timing relations of words stemming from
different morphological structures in various prosodic
boundary and prominence contexts.

ABSTRACT
This EMA study explores effects of morphological
structure on intergestural timing in different prosodicstructural contexts in Korean by examining
articulatory realization of homophonous pairs of
different underlying morphological structures
(tautomorphemic (C1)V1C2V2 vs. heteromorphemic
(C1)V1C2+V2, where ‘+’=a morpheme boundary). The
intergestural timing of C2V2 was found to be more
stable in C2V2 than in C2+V2 in all prosodic contexts.
The morphological effect was also observed with
V1C2 timing. It was more stable in (C1)V1C2+V2 than
in (C1)V1C2V2, which was augmented under focusinduced prominence. This indicates that the
intergestural timing of V1-to-C2 gesture became more
stabilized when C2 is underlyingly syllabic-coda as in
the hetero-morphemic condition ((C1)V1C2+V2). The
observed stability difference as a function of
morphological structure and its interaction with
prominence was consistent phrase-initially and
phrase-medially, though with some degree of
difference. The results demonstrate that gestures are
coordinated in reference to the interaction between
underlying morphological structure and prosodic
structure.
Keywords: Intergestural Timing, Prosodic Structure,
Morphological Structure, Articulatory Phonology
1. INTRODUCTION
It has been well-established that higher-order
linguistic structures affect low-level segmental
articulation. For example, prosodic structure finetunes articulation by enhancing the articulatory
contrast between consonant and vowel at the edges of
higher prosodic domains (e.g., [7, 10, 13, 16]) and by
maximizing segmental features with an articulatory
expansion under focus-induced strengthening (e.g.,
[12, 16]). On the other hand, morphological structure
is another type of linguistic structure that can
modulate articulation (e.g., [8, 23, 24]). For example,
Cho [8] found that a single morpheme [napi]
(‘butterfly’) in Korean shows more stable intergestural timing (i.e., the timing coordination of
articulation) than its heteromorphemic counterpart
[nap+i] (‘lead’+ Nom.), despite the fact that they have
an identical, homophonous segmental sequence. In
addition, Song et al. [23], found that children and
adults show tongue height difference between the
monomorphemic coda and bimorphemic coda clusters
(e.g., box vs. rocks). These studies suggest that
morphological structural differences still exist in
articulation after morphemes are post-lexically
processed. These studies, however, focused on the
morphological effects only in a limited prosodic

2. METHOD
2.1. Speech Materials

There were two types of morphological sequences
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comprising homophonous pairs: 1) tautomorphemic
sequences consisting of a single morpheme
((C1)V1C2V2; [papi], ‘Barbie’ and [api], a less polite
term for ‘father’) and 2) heteromorphemic sequences
consisting of two morphemes ((C1)V1C2+V2; [pap+i],
‘meal+Particle’ and [ap+i], ‘pressure+ Particle’). To
generate an identical segmental string across the two
morphological structures, a case particle ‘+(i)ɾago’
was used (e.g., [papi+ɾago], ‘Barbie+ Particle’ and
[pap+iɾago], ‘meal+ Particle’) The case particle
[+(i)ɾago] in Korean is used, which indicate that any
preceding word(s) or phrase(s) are directly cited. The
parenthesized /+i/1 in the particle [+(i)ɾago] is only
activated when the preceding word has a coda
consonant (e.g., ‘pap’).
As shown in Table 1, each target sequence was
embedded in a test sentence where two factors were
manipulated: Boundary (IP-initial vs. Wd-initial) and
Focus (Focused vs. Unfocused). For the IP-boundary
condition, every target sequence was placed after an
Intonational Phrase boundary. For a Wd-boundary
condition, a possessive pronoun [wuɾi](‘our’)
preceded the target sequences, which made the
sequences located in the middle of a phrase. For the
focus condition, targets were designed to be
morphologically contrastive (e.g., “Did you write
[papi] or did you write [pap]?”) (Note that targets are
underlined, and contrasting words are in bold through
the manuscript.), and for the unfocused condition,
non-target words were made to be contrastive (e.g.,
“Did you write [papi] or did that person write
[papi]?”

Speakers were asked to read the sentences, following
the intended prosodic renditions guided by the
typographical cues. During the recording sessions,
two experimenters checked for each token whether the
intended prosodic rendition was produced or not. Each
participant produced 240 sentences (4 target
sequences x 2 boundary types x 2 focus types x 15
repetitions). Out of 2400 tokens collected, 171 tokens
were excluded from the data analyses as they did not
match with the intended prosodic renditions.
The articulatory data were collected using the
electromagnetic articulography (EMA, AG501,
Carstens Electronics). Five sensors were attached to
the five primary articulators: tongue tip (TT), tongue
body (TB), lower lip (LL), upper lip (UL), and the
middle of the lower gumline (LG). Two more sensors
were used as reference points at the nose bridge and at
the middle of the upper gumline. The data from UL,
LL, TT, and TB were analyzed.
2.3. Measurement and Statistical Analysis

The Mview software (the Matlab-based software
algorithm developed by Mark Tiede) was used to
analyze the obtained kinematic data. The movement
onset and target of each gesture were defined at the
time point where the related local velocity reached a
20% threshold. Max constriction time point was also
obtained (cf. [19, 21]). Note that the release of one
gesture was the onset of the very following gesture.
Figure 1: Schematized representation of time intervals delineated
by two anchor points: a. Vocalic Anchor (V-Anchor; the onset of
/a/-to-/i/ movement of the TB gesture) and b. Consonantal Anchor
(C-Anchor; the max constriction of the TT gesture for /ɾ/).

Table 1: Examples of the test sentences. Targets are underlined,
and contrasting words are in bold. ‘#’ and ‘+’ refer to prosodic
boundary and morphological boundary, respectively.
Conditions

Test sentences

Foc

ʧikɨmjʌki papi+ɾago s*ʌnni, # pap+iɾago s*ʌnni]
Right here, did you write Barbie or did you write a
meal?

Unfoc

[ʧikɨmjʌki pap+iɾago nika s*ʌnni, # pap+iɾago ʧjeka s*
ʌnni]
Right here, did you write a meal or did that person
write a meal?

Foc

[ʧikɨmjʌki wuɾipapi+ɾago s*ʌnni, wuɾi#pap+iɾago
s*ʌnni]
Right here, did you write our Barbie or did you write
our meal?

Unfoc

[ʧikɨmjʌki wuɾipap+iɾago nika s*ʌnni,
wuɾi#pap+iɾago ʧjeka s* ʌnni]
Right here, did you write our meal or did that person
write our meal?

#=IP

#=Wd

2.2. Participants and Procedure

Ten native Seoul-Gyeonggi Korean speakers
participated in this articulatory experiment (five
females and five males in their 20s).
During the experiment, each test sentence was
presented as a written text on a computer screen. In
order to induce the intended prosodic structure,
written texts included typographical cues for boundary
and focus. At the IP boundary, a comma and a space
were inserted and in the Wd boundary condition, there
was no space between the possessive pronoun and the
following target sequence (e.g., ourBarbie). The
contrastive words were highlighted in red and bold.
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Two anchor points were used: a. vocalic anchor
(V-Anchor, cf. [22]) and b. consonantal anchor (CAnchor, cf. [19, 21]). As in Figure 1, the obtained
temporal landmarks (Target, Max, and Release) were
redefined as Left-Edge, Max, and Right-Edge,
respectively. Six time-intervals were calculated
between each landmark and each anchor point (cf. [19,
21]). For example, V-Anchor-to-Left-Edge meant the
time interval between V-Anchor and Left-Edge
(Target). SDs (standard deviations) and RSDs (%relative standard deviations; SD/mean*100) of each
interval were computed as the indices for the stability
of intergestural timing. Mean, SD, and RSD (%) were
calculated for every condition pooled within each
speaker.
Time interval values and RSDs (%) of the
intervals were analyzed by Linear Mixed-effects
models with the lme4 package in R. Morphological

structure (Hetero vs. Tauto), Focus (Foc vs. Unf),
Boundary (IP vs. Wd), Types of initial syllable-onset
of target sequences (P-initial vs. Vowel-initial)2, and
all their interactions were employed as fixed factors,
and subjects as a random factor. A deviation coding
was used for each fixed factor. The nearly maximal
models3 were fitted for the raw time interval values
(cf. [1]). In terms of RSDs, however, since there was
only one observation per condition per person, random
intercept (RI) model (cf. [1]) was used with a constant
formula4 for all RSDs. Also, planned t-test
comparisons were carried out for the RSD values.

C2+V2, which was not significant in the unfocused
condition (Left-Edge: t(9)=3.26, p<.01; Max:
t(9)=2.92, p<.018; Right-Edge: t(9)=4.16, p<.002).
This interaction also partly stemmed from the fact that
CV gestures in the tautomorphemic sequence showed
enhanced stability under focus (Left-Edge: t(9)=-4.01,
p<.003; Max: t(9)=-3.26, p<.01; Right-Edge: t(9)=3.23, p<.01), which was not observed in the
heteromorphemic sequence. There was neither
statistical main effect nor interaction related to
boundary in RSDs.
Figure 2: Violin graphs for the Focus x Morphological structure
interaction on the RSDs (%) of the three intervals defined by CAnchor. Each red diamond, located in the middle of the graphs,
indicates the mean of each condition.

3. RESULTS
3.1. C-Anchor Context (CV Gestural Timing)
The time intervals defined by C-Anchor (the
intergestural timing of C2V2) showed a main effect of
Morphological structure (Left-Edge: β=-1.31,
SE=0.63, t=-2.07, p<.04; Max: β=-1.92, SE=0.71, t=2.72, p<.014; Right-Edge: β=-1.8, SE=0.7, t=-2.58,
p<.018), with longer C2V2 intergestural timing in
tautomorphemic (C1)V1C2V2 than in heteromorphemic (C1)V1C2+V2. Focus and Boundary had
significant main effects on all three intervals, which
were always longer under focus than under no focus,
and again longer phrase-initially than phrasemedially. Neither of the two factors interacted with
Morphological structure.

3.2. V-Anchor Context (VC Gestural Timing)

Table 2: Mean (ms), SD and %-RSD of time intervals defined by
C-Anchor, pooled across Boundary and Focus conditions (All) and
separated by Focus conditions (Focused, Unfocused). Note that as
shaded in grey, RSD values were always lower in the
tautomorphemic condition than in the heteromorphemic condition.

V-Anchor point was employed to examine the V1C2
gestural timing. Morphological structure showed no
main effect on the three intervals defined by VAnchor, albeit all the intervals were longer in heteromorphemic (C1)V1C2+V2 than in tautomorphemic
(C1)V1C2V2. Focus and Boundary had significant
main effects on the three time-intervals, being longer
under focus and at the IP-initial position, but no
interaction with Morphological structure was found.
Table 3: Mean (ms), SD and %-RSD of time intervals defined by
V-Anchor, pooled across Boundary and Focus conditions (All) and
separated by Focus conditions (Focused, Unfocused). The cells
shaded in grey represented lower RSD values by comparing the
heteromorphemic with the tautomorphemic condition.

As for the stability of CV gestural timing, RSDs
showed a main effect of Morphological structure
(Left-Edge: β=0.93, SE=0.42, t=2.22, p<.028; Max:
β=0.9, SE=0.47, t=1.93, p<.056; Right-Edge: β=1.19,
SE=0.59, t=2.01, p<.047), confirming that CV
gestures were more stably produced in the
tautomorphemic sequence than in the heteromorphemic one. Focus also showed a main effect on
RSDs (i.e., more stable production under focus).
Although there was no statistically significant
interaction between morphological structure and focus
structure, planned t-test comparisons showed
heteromorphemic C2+V2 and tautomorphemic C2V2
may have some difference in RSDs as a function of
focus. As presented in Figure 2, under focus, the RSDs
of CV gestural timing was significantly lower in
tautomorphemic C2V2 than in heteromorphemic

As for the stability of VC gestural timing, RSDs
showed no main effect of Morphological structure.
Nonetheless, there was a marginal interaction between
Morphological structure and Focus on V-Anchor-toLeft-Edge (β=-3.17, SE=1.91, t=-1.66, p<.1). As given
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in Table 3, heteromorphemic (C1)V1C2+V2 showed
lower RSDs compared to tautomorphemic
(C1)V1C2V2, which was again augmented under focus.
Planned t-test comparisons revealed that under focus,
the VC gestures showed lower RSD values
(suggesting more stability) in the heteromorphemic
condition than in the tautomorphemic condition, as
shown in Figure 3 (Left-Edge: t(9)=-2.76, p<.023;
Max: t(9)=-3.17, p<.012; Right-Edge: t(9)=-1.94,
p<.086). Interestingly, as shown in the CV timing,
tautomorphemic (C1)V1C2V2 was again more
influenced by focus in terms of the intergestural
stability. This time, however, when receiving focus,
the VC gestural timing was less stable in the
tautomorphemic than in the heteromorphemic
condition (Left-Edge: t(9)=2.61, p<.03; max:
t(9)=2.49, p<.035; Right-Edge: t(9)=2.26, p<.05).
Although Boundary did not show any main effect
or any interaction with Morphological structure or
Focus on RSDs, the aforementioned interaction
between Morphological structure and Focus was far
more robust phrase-initially than phrase-medially.

is the exact reverse of what is observed on CV
gestures. Another interesting finding is that the
interaction between Morphological structure and
Focus on the VC gestural stability is far more robust,
located in the phrase-initial than in the phrase-medial
position. With regard to the CV gestures, however, the
same interaction on the stability is consistently
observed across boundary conditions. Since the VC
gestures, underlyingly belonging to the first syllable,
are more adjacent to the phrase edge than the CV
gestures, it appears that the VC gestures are more
influenced by boundary-induced effects than the CV
gestures are (e.g., [7, 10, 13, 16]).
On the other hand, the prominence marking
system, coming from information structure, appears to
make reference to the underlying morphological
structure and enhance the internal gestural cohesion,
presumably for making clearer phonetic contrasts on
the morphological structure of the target sequences.
For example, the results show that the consonantal
gesture is more stably coordinated with the preceding
vocalic gesture in heteromorphemic C1V1C2+V2, in
which the VC gestures belong to a single morpheme,
than in tautomorphemic C1V1C2V2 where a syllable
boundary exists between the VC gestures.
These findings, taken together, reinforce Cho’s [8]
earlier findings on the effects of morphological
structure on phonetic realization in Korean (e.g., [23]),
and further demonstrate that morphological structure
interacts with prosodic structure, modulating the
intergestural timing. The results also support the view
of Articulatory Phonology (e.g., [3, 4, 5, 6]), in which
the intergestural timing relations are lexicallyspecified and preprogramed in our mental lexicon and
thus stably produced with some degree of cohesion
among articulatory gestures. According to MarselenWilson et al. [20], every decomposable morpheme is
considered to form an independent lexical item, and
therefore it is reasonable to postulate that a stable
intergestural timing relation is also preprogramed for
each decomposable morpheme as was discussed in
[8]. That may account for why the intergestural timing
and its stability are modulated differently depending
on underlying morphological structure, although
having identical segmental or gestural makeups. This
account is further supported by the focus-induced
results, suggesting that prominence marking system
enhances the stability of the intergestural timing
relations in the direction of reinforcing the underlying
morphological structure and its subordinate syllable
structure. More broadly, the results of the present
study highlight the role of prosodic structure on finegrained phonetic realization from an articulatory
gestural point of view.

Figure 3: Violin graphs for Focus x Morphological structure
interaction on the RSDs (%) of the three intervals defined by VAnchor. Each red diamond, located in the middle of the graphs,
indicated the mean of each condition.

4. SUMMARY AND CONCLUSION
The results from C-Anchor indicate that CV gestures
are longer in duration and more stable in production
when being part of a single morpheme, (C1)V1C2V2
(e.g., [papi], ‘barbie’) than when concatenated from
multiple morphemes, (C1)V1C2+V2 (e.g., [pap+i],
‘meal+Particle’). The effect of morphological
structure is not only maintained across focus or
prosodic boundary conditions, but also augmented
under focus. The focused CV gestures showed greater
stability when in the same morphological structure
than across a morphological boundary.
Turning to the results from V-Anchor, it is again
shown that the intergestural timing relations are
attuned by the underlying morphological structures.
This time, however, VC gestures are found to be
longer in duration and more stably produced in
heteromorphemic (C1)V1C2+V2 than in tautomorphemic (C1)V1C2V2. This implies that not only the
underlying morphological structure but also its
subordinate syllable structure is reflected on the
intergestural timing stability. The effect of
Morphological structure on VC gestures is
strengthened under focus-induced effect although this
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(1 + morph * focus * boundary + onset | subj))
4
for RSDs: (dv ~ morph * focus * boundary * onset + (1 | subject))
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ABSTRACT

in particular the Austrian and Swiss variety have
been apparently shaped by the different phonological systems of the various regionally restricted dialects (Bavarian → Austrian, Alemannic → Swiss)
spoken by the majority of the then bilingual population but which hitherto has been omitted from
phonetic descriptions of standard German all too often. These dialects all trace back to Old High German but developed differently over the course of
time. The development from Old High German to
Modern High German (varieties) led, among others,
to a change from a syllable-timed language with a
length contrast in vowels (long vs. short) and consonants (geminates vs. singletons) to a stress-timed
language with a phonemic length contrast in vowels
and a strength contrast in stops [14, 11, 12]. Alemannic and Bavarian, however, have preserved (at
least to some extent) the consonant length contrast
[16].

This study investigated cross-linguistically the temporal organization of short vs. long vowels (V vs.
V:) with following lenis vs. fortis (C vs. C:) stops
in disyllabic trochees in the three major varieties of
Standard German (Austrian, German, and Swiss). A
total of 51 speakers of the three varieties participated
in a production and perception experiment. Acoustic analyses revealed that Austrian speakers take up
an intermediate position regarding a stop duration
contrast which was clearly present in Swiss but absent in German speakers. In perception, however,
Austrians and Germans but not Swiss participants
judged stimuli from a vowel/(vowel+closure) duration (VC-ratio) continuum more often as containing V:C, i.e., intermediate VC-ratios were reinterpreted as long vowels by Austrians and Germans,
but as fortis stops by Swiss participants. Findings
suggest a sometimes less stable temporal organization in Austrians. Moreover, results imply a greater
diversity in phonological structure between German
varieties than previously assumed.

One of the aims is therefore to investigate whether
the Austrian and Swiss standard varieties, too, show
patterns of a consonant length distinction. With respect to standard German as spoken in the north of
Germany, phonemic vowel length is mainly cued via
duration, but also by differences in vowel quality
(e.g. long /i:, e:/ vs. short /I, E/ [21]) and the fortis/lenis contrast primarily by the presence/absence
of aspiration (i.e., /ph / vs. /b/, etc.) and only sec˚ closure phase. The
ondarily by the length of the
Alemannic dialects spoken in Switzerland (but not
the standard variety), on the other hand, have only
a very limited set of aspirated stops while the fortis/lenis distinction is one of closure duration (cf.
[13]). This has led some scholars [11, 12] to interpret these acoustic duration differences in terms
of a phonological contrast between singletons and
geminates. The vowel length opposition in Swiss dialects is even more systematic regarding the duration
cue than in northern German with non-remarkable
height differences as a function of underlying length

Keywords: Phonemic duration contrasts, Major varieties
1. INTRODUCTION
The length opposition in stressed vowels and the
postvocalic voicing contrast in stops (henceforth fortis/lenis, cf. [10]) are both well-studied for so-called
standard German [5, 8, 9], which is, however, regionally bound to the north of Germany [5]. It is less
clear how the standard variety spoken in the south
of Germany or the standard varieties in other German speaking countries like Austria and Switzerland implement the vowel length contrast before fortis and lenis stops. This contribution focuses on the
three major standard varieties of German spoken in
Austria, Germany, and Switzerland. All three but

825

(/ha:g@n/, V:C, a proper name), Haken (/ha:k@n/,
V:C:, ‘hook’), and hacken (/hak@n/, VC:, ‘to hack’)
taken from a larger corpus. The data were automatically segmented with WebMAUS [19] and analysed in R [18] using emuR [22]. As this study
focuses on durational cues, the acoustic measurements include solely the vowel and consonant duration (in ms). We then calculated the V/(V+C) ratio where V corresponds to the duration of the vowel
and C to that of the consonant (henceforth VC-ratio).
A similar measure (where C = closure phase) has
been shown to capture the voicing [9] and the vowel
length contrast in German near standard varieties
[7]. Since WebMAUS only marks the on- and offset
of the entire consonant the VC-ratio as defined here
yields smaller values in words with aspirated stops
than previous studies. The statistical analyses were
carried out by fitting Linear Mixed Effect Models
(LMM, [1]) with either VC-ratio or vowel or consonant duration as dependent factor. Region (three
levels), VC sequence (V:C, V:C:, VC:) were entered
as fixed factors and speaker as random factor.

[20]. The phonological systems of German standard
German and Swiss dialects (and the Swiss standard
variety for that matter) allow for a free combination
of long and short vowels with fortis and lenis stops,
respectively (e.g., /bi:t(h) 5/ ‘bidder’ /bIt(h) 5/ ‘bitter’,
/vi:d5/ ‘again’, /vId5/ ‘ram’). Such a four-way
˚
˚
combination
is prohibited
in the dialects of Bavarian which are spoken in the southeast of Germany
and Austria and which have shaped the Austrian
standard variety considerably (cf. e.g. [15, 3, 17]).
Bavarian and the Austrian standard variety are said
to feature a duration-based fortis (=
“ long, C:)/lenis
(=
“ short, C) contrast (aspiration only plays a secondary role) from which – at least in Bavarian –
vowel length is predictable: Lenis stops are always
preceded by long vowels and fortis stops by short
vowels. The Austrian standard variety, however, appears to pattern with the German standard variety in
that it allows combinations of long vowels and fortis
stops [15].
Another aim is to test this claim for the Austrian standard variety in this cross-linguistic study
that specifically and for the first time investigates the
temporal organization of the combined vowel length
and fortis/lenis-contrast in the production and perception of the standard varieties of German spoken
in the south of Germany, in Austria, and in Switzerland. The production results served as a basis for the
perception experiment; the perception data in turn
complements the phonemic analyses of the two contrasts. The overall goals are to further our understanding of (1) the implementation of the two contrasts in German and (2) the development of major
varieties in geographically close countries (as opposed to the major varieties of English).

2.2. Results
Figure 1: Distribution of vowel and consonant
duration (in ms) separately for the VC sequences
and regions. The ellipses comprise 95 % of the
underlying data points.

2. PRODUCTION EXPERIMENT
2.1. Method

16 speakers of the Austrian standard variety from
Vienna, 16 bilingual Swiss participants from Zurich
and 19 speakers of the German standard variety from
Munich (n=51, 25 male) were recorded in soundattenuated booths using the SpeechRecorder Software [4] with a sampling rate of 44.1 kHz. The participants were asked to read silently sentences presented in standard German orthography on a computer screen and to repeat them loudly after the written text had disappeared from the screen. With this
procedure we expect to diminish the influence of
the orthographic representation and to elicit a natural pronunciation of the standard variety. The target words in the production experiment analyzed
here were five repetitions each of the words Hagen

Commensurate with Fig. 1 all three groups
produced a clear duration-based contrast between
phonologically long and short vowels. Vowel duration was significantly affected by region (F[2, 51] =
4.27, p = .019) and VC sequence (F[2, 50] =
385.10, p < .0001) but differently so as the interaction effect between the two factors (F[4, 50] =
2.73, p = .039) and posthoc tests reveal.
While the largely overlapping V:C and V:C: distributions of German speakers along the x-axis in
Fig. 1 suggest the absence of a consonant duration contrast, the tendency towards such a contrast was much more pronounced in Austrian speak-

826

ers but not as clear as for Swiss speakers. That
is, Austrian German takes up an intermediate position between the Swiss duration-based and the German non-durational fortis/lenis contrast. The LMM
with consonant duration as the dependent variable revealed a significant effect for VC sequence
(F[2, 51] = 138.37, p < .0001), region (F[2, 51] =
33.26, p < .0001) as well as a significant interaction between region and VC sequence (F[4, 51] =
9.49, p < .0001).

ception of the combined contrasts. Following the
experimental procedure in [7] we were interested in
whether or not Swiss participants perceive less stimuli from a Hagen–hacken continuum (encompassing
Haken) as hacken than listeners from the other two
groups given their (tendency towards) lower VCratios in all sequences in production.
3.1. Method

The stimuli used in the perception experiment were
derived from one natural production each of the lexeme Hagen uttered by two phonetically-trained approximately same-aged male speakers from Switzerland and Germany, respectively. The lexeme was
embedded in a carrier phrase (Maria hat Hagen
gesagt, lit.: ’Maria has Hagen said’) and uttered by
the two speakers ten times. The recordings were
made in sound-attenuated booths. Pretests had revealed that the German speaker was an acceptable
model talker of the standard variety for Austrian but
not for Swiss listeners (mainly due to vowel quality differences in the carrier phrase). One production per speaker was chosen as the first stimulus of
the continuum. The other stimuli were then derived
by (1) successively lengthening the closure duration
and shortening the vowel duration using Praat’s [2]
duration manipulation function and (2) resynthesizing each duration-specific stimulus using the overlap
and add function in Praat. The participants were the
same as in the production experiment. Six repetitions of each stimulus were presented to the listeners in randomized order in two settings: the listeners first judged in the 2AFC task whether a stimulus
sounded more like Hagen or hacken. In the second
setting – a control task – the listeners were again
presented with the same stimuli but rated them now
within a three alternative forced choice (3AFC) test,
i.e. the in-between category Haken was now among
the response options.
Due to differences in the speaker’s fundamental
frequency (Swiss: 136 Hz; German: 102 Hz) the
resynthesis procedure had led to slight differences
in step size between the two continua. Prior to the
statistical analysis, the stimuli from the Swiss and
the Austro-German continuum, respectively, were
therefore matched according to the respective VCratio values. Sigmoid functions were fitted to the
responses to the 13 stimuli from the matched continuum (cf. Tab. 1) using binary logistic regression
separately per listener using equation (1)

Figure 2: VC-ratios in the productions of Hagen
(V:C), Haken (V:C:), hacken (VC:) separately for
the three varieties.

As shown in Fig. 2 all speakers produce the three
categories by means of different VC-ratios despite a
tendency towards a less pronounced distinction between Hagen and Haken in German as opposed to
Austrian and Swiss productions. In general, however, high VC-ratios signalled V:C-sequences, low
VC-ratios VC:-sequence and V:C: was characterized
by intermediate VC-ratios ranging between 0.5 and
0.6. The statistical analysis performed on the VCratio as the dependent factor revealed a main effect of region ( F[2, 51] = 12.10, p < .0001) and
VC sequences (F[2, 50] = 443.69, p < .0001) and
a significant interaction between region and VC
sequence (F[4, 50] = 4.83, p = .002). Post-hoc
tests showed that Austrian and German speakers
did not differ significantly from each other in V:C
and V:C:-sequences but both groups differed significantly from the production of Swiss speakers (V:C:,
t(51) = 4.1, p = .005, V:C, t(46) = 3.6, p = .018)
except for non-significant distinctions between German and Swiss speakers in VC:-sequences and Austrian and Swiss speakers in V:C:-sequences.
3. PERCEPTION EXPERIMENT
Based on the findings in production showing similarities in VC-ratio, on the one hand, but differences regarding consonant duration, on the other, we
tested in a second experiment how the same speakers
turned listeners use these acoustic cues in the per-

e(m·Stim+k)
1 + e(m·Stim+k)
where pa is the proportion of hacken-responses,
(1) pa =
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Stimulus the number of the stimulus along the continuum, and m and k the listener-specific slope and
intercept, respectively. The category boundaries,
calculated for each listener by −k/m, were then subjected to statistical analysis as described below.

Figure 4: Distribution of the listener-specific category boundaries separately for the three countries.
9
8

Table 1: VC-ratios for each of the 13 stimuli from
the matched Hagen-hacken-continuum.

Stimuli

7
6

Stimulus 1 2 3 4 5 6 7 8 9 10 11 12 13
VC-ratio .76 .73 .69 .65 .62 .59 .57 .54 .51 .47 .45 .41 .38

5
4
3

3.2. Results

Austria

Figure 3: Proportion of hacken-responses in the
2AFC task aggregated across listeners per region.
Superimposed are the sigmoids and mean group
category boundaries.

Germany
Country

Switzerland

tries to Swiss participants (A: t(27.3) = 7.6, p <
.001; G: t(26.4) = 5.3, p < .001).
4. DISCUSSION AND CONCLUSION
The first finding was that in production Austrians took up an intermediate position regarding a
duration-based fortis/lenis contrast. Secondly, all
three varieties produced the three VC sequences
by means of different VC-ratios but Swiss speakers tended towards overall lower proportional vowel
durations. These findings indicate that VC-ratio
masks some of the regional differences that emerged
in the consonant duration (cf. [6]). Furthermore,
the second finding stands in contrast to the perception results where Swiss as opposed to Austrian and
German speakers perceived stimuli with a higher
VC-ratio as hacken. That is, despite the lower
VC-ratios in production Swiss listeners interpreted
stimuli with in-between VC-ratios as indicating a
long consonant while German and Austrian listeners
heard the same VC-ratios predominantly as containing a long vowel. This discrepancy might be linked
to the phonology of Alemannic dialects which in
contrast to German and Bavarian allows for combinations of independent phonemic quantity contrasts
in vowels and consonants. Despite the proportionally shifted V to VC duration listeners appear to focus either on the vowel or the consonant contrast depending on the regional background. This suggests
that the standard varieties spoken in the three countries diverge to a greater extent on the phonological
level than previously assumed and highlights the development of different major varieties in geographically close countries.

The average response curves per listener group in
the 2AFC task (Fig. 3) indicate that the three groups
separated the VC-ratio continuum into two distinct
categories but that the Swiss category boundary between a long and a short vowel was, unexpectedly,
left-shifted compared to the Austrian and German
category boundaries. Stimuli that were identified as
Haken in the control 3AFC task, e.g. stimulus 6,
were unambiguously assigned to hacken by Swiss
listeners but lay in between categories for Austrian
and German participants. Stimuli with a VC-ratio
below 0.65 (i.e. from stimulus 5 up) were already
perceived as hacken while the ratio had to be below
0.57 for Austrians and Germans to clearly indicate a
short vowel.
Commensurate with Fig. 4 a repeated measures
ANOVA with listener-specific category boundary as
dependent variable, region as fixed factor (three levels) and listener as random factor revealed a significant effect for country (F[2, 48] = 20.1, p < .001).
Post-hoc Tukey tests showed no significant difference between Austrians and Germans but a significant difference between listeners from the two coun-
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ABSTRACT

exploring whether these observed patterns are
preserved across different speech conditions.
Additionally, although some of these proposed
accounts rely on asymmetries in gestural magnitude
across different word positions to explain the
observed timing patterns [1, 3, 17], relatively little is
known about the systematic relationship between
relative intergestural timing and other aspects of
variability in the segment’s production. Some
previous research has examined the effect of local
prosody, such as stress [2] and the strength of an
adjacent prosodic boundary [11], on intergestural
timing in multi-gesture consonants; however, the
effect of more global variation, such as that observed
across different styles of speech, has been largely
unexplored.
In this study, we extend previous research on the
articulation of multi-gesture consonants by
examining variation in intergestural timing and
gestural magnitude, and the relationship between the
two, for /l/ across speech tasks. Recent research on
intraspeaker variability in speech production has
observed that many acoustic and articulatory
attributes of speech vary systematically across
different speech tasks [4, 5], presumably as a
consequence of greater temporal constraints on
articulatory movement in faster, more casual speech
[12, 13]. The effects of these temporal constraints on
articulation have been observed both in the degree of
temporal overlap exhibited by gestures belonging to
adjacent segments (e.g., [8]) and the magnitude of
individual speech gestures [4]. However, as there has
been relatively little work examining task or rate
effects on the articulatory properties of gestures in
multi-gesture segments (c.f. [9]), it remains largely
unknown whether the magnitude of and timing
relationships between gestures in these segments
exhibit similar effects of speech task.

In this study, the effect of speech task on the relative
timing of the two lingual gestures involved in the
production of /l/ in American English is investigated
using articulatory data from the Wisconsin XRMB
database. Tokens of word-initial and -final /l/ were
taken from Connected (e.g., sentence) and Isolated
(e.g., single-word) Speech tasks in the database, with
the time and degree of maximum constriction
measured for each gesture in each token. Analysis of
the timing lag between the intrasegmental movement
extrema across conditions indicates that although
their sequencing remains constant across speech
tasks, exhibiting patterns consistent with the previous
literature, the absolute difference in the timing of the
gestures differs significantly across conditions, with
timing differences closer to zero in Connected Speech
than in Isolated Speech. This difference is shown to
be related to systematic variation in gestural
magnitude across word positions and speech tasks.
Keywords: Articulatory
Variation, Gestural Timing

Phonetics,

Phonetic

1. INTRODUCTION
A substantial body of research on the articulation of
multi-gesture consonants has consistently observed
an allophonic difference in gestural sequencing
patterns across different syllabic positions for these
sounds. While some variation in this pattern is
observed cross-linguistically [7], for North American
English, the nature of this allophonic asymmetry
appears to be systematic across a number of
consonants containing more than one supralaryngeal
gesture. Specifically, studies of /l/ [1, 17], /w/ [6], /r/
[3] and nasal stops [2, 10] have consistently found
that the more anterior of the two constrictions
involved in their production occupies a more
peripheral position within the segment, following the
more posterior gesture in syllable-final positions and
either preceding or occurring synchronously with the
more posterior gesture in syllable-initial positions.
Although attempts to explain why these specific
positionally-dependent gestural sequencing patterns
emerge have been the focus of much investigation
(e.g., [1, 6, 17]), less effort has been devoted to

2. METHODS
2.1. Corpus and Subjects

Articulatory data for this study was taken from
recordings of 17 speakers (7 male, 10 female) in the
Wisconsin x-ray Microbeam (XRMB) database [18].
The Wisconsin XRMB database contains both
acoustic and kinematic articulatory data, with the
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articulatory data comprising measurements of the
movement of small pellets (2.5 mm) attached to the
tongue, jaw, and lip (Fig. 1 inset). Pellet movements
were recorded at a frame rate of 40 Hz and resampled
to 145 Hz for all pellets.
A total of 1,433 tokens of word-initial and wordfinal /l/ were taken from three of the experimental
tasks included in the corpus and separated into two
conditions for analysis: a Connected Speech
condition containing data from Sentence and Prose
Passage reading tasks (962 tokens), and an Isolated
Speech condition containing data from a Citation
Word reading task (471 tokens). Tokens were taken
from all available vowel contexts and, in the
Connected Speech condition, from contexts where the
preceding or following word (depending on the
position of the target /l/ in the word) ended or began
with a labial consonant.

with the tongue tip and tongue dorsum movement
extrema in /l/ (defined below) were identified
automatically using an algorithm that calculated a 2D velocity time series from the T1 and T3 position
signals (modified from the findgest algorithm by
Mark Tiede, Haskins Laboratories).
After using the Penn Phonetics Lab Forced
Aligner [19] to perform acoustic segmentation of the
XRMB data, tokens of /l/ in the appropriate
conditions were located in the articulatory data by
finding the articulatory frames corresponding to the
acoustically-defined segment start and end points.
The articulatory frame corresponding to the acoustic
midpoint of each /l/ was used to identify multiple
articulatory landmarks for the tongue tip and tongue
dorsum gestures in the token. Of the identified
landmarks, only one was used for the presented
analysis: the movement extremum, defined as the
velocity minimum closest to the midpoint frame for
the sensor trajectory of interest (T1 or T3) (Fig. 1).

Figure 1: Location of movement extremum in the tongue
tip gesture for the initial /l/ in ‘leaf’ (subject JW24). Time
of maximum constriction indicated in both positional
(top) and velocity (bottom) time series by labelled dotted
line. Inset: Position of tongue and jaw pellets with palate
trace for the initial /l/ in ‘leaf’ (subject JW24). Elements
used in this analysis (T1, T3, Palate, and Pharyngeal
Wall) are in bold.

2.2.2. Lag and Constriction Degree Calculations

The measured movement extrema were used to
calculate a Maximum Lag (MLag) variable used to
assess timing patterns. MLag was defined as the
interval between T1 and T3 movement extrema for a
given token. Negative MLag values indicate that the
movement extremum for the tongue tip gesture
temporally precedes the movement extremum for the
tongue dorsum gesture in a given token.
Additionally, T1 Aperture (T1A) and T3
Retraction (T3R) measurements were taken at the
time of movement extremum for each sensor
trajectory. These measurements were taken by
calculating the Euclidean distance between the
sensor’s X-Y coordinate position and the closest point
on either the palate trace taken from each speaker (for
T1A) or the posterior pharyngeal wall outline
approximated for each speaker (for T3R). These
aperture and retraction measurements were used as an
indication of the magnitude of the gesture associated
with the sensor trajectory, with smaller aperture
values indicative of greater gestural magnitude.
Tokens with extreme MLag, T1A or T3R values
and tokens where high potential for gestural
misidentification was expected were manually
checked in MView (Mark Tiede, Haskins
Laboratories). Tokens lacking an identifiable T1
raising gesture or tokens where it was not possible to
identify a T3 velocity minimum unique from that
associated with the flanking vowel were excluded
from analysis.

Although data from a total of 57 speakers is
included in the database, the 17 speakers in this study
were selected for analysis because they had the
largest amount of analysable data – at least 25 tokens
of /l/ in each word position in Connected Speech
tasks, and at least 10 tokens of /l/ in each position in
Isolated Speech tasks. The remaining 40 speakers did
not have as much analysable data due to not recording
certain tasks, tracking failures in one or more lingual
pellets, or excessive amounts of /l/ vocalization, and
were subsequently excluded from analysis.
2.2. Articulatory Analysis
2.2.1. Temporal Landmark Identification

Although four pellets were glued on the tongue to
capture articulatory movement in the XRMB data,
only the pellet closest to the tongue tip (T1) and a
pellet on the tongue dorsum (T3) were used for this
analysis (see Fig. 1). Temporal landmarks associated
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Isolated Speech condition (t = -2.17, p < 0.05).
However, as is evident from the significant
interaction between Task and Word Position in both
models (t = 2.62, p < 0.01), the extent to which
intergestural timing values vary across the two speech
tasks differs as a function of word position, with a
greater difference between the Isolated and
Connected Speech tasks observed for Word-Initial /l/
than for Word-Final /l/.
It is worth noting that the prosodic environment in
which tokens of interest occurred was partially
confounded with Task, given that all tokens in the
Isolated Speech condition were automatically
adjacent to a prosodic boundary. To check that the
effect of Task on MLag was not purely a consequence
of prosodic boundary adjacency, an additional
analysis was conducted comparing Word-Final /l/ in
the Isolated Speech condition to the subset of all
Word-Final Connected Speech tokens that occurred
sentence-finally. The results of this analysis
confirmed that the Task effects observed here could
not be attributed to prosodic boundaries alone, as
there was a significant effect of Task on MLag values
within this subset of the data (t = -17.16, p < 0.0001).

3. RESULTS
Three separate analyses were conducted using R [15]:
two analyses using linear mixed effects models
(LMEMs) to separately evaluate the effects of speech
task and word position on gestural timing and
magnitude, and one analysis using linear regression
to evaluate the relationship between gestural
magnitude and timing.
3.1. Gestural Timing Across Tasks and Positions

Results of the analysis of task and word position
effects on gestural timing are shown in Fig. 2. An
LMEM was fit on the dependent variable MLag, with
Task (Connected vs. Isolated), Word Position (Initial
vs. Final), and Task*Word Position as fixed factors
and Subject as a random effect in both models. The
results of this analysis shows that gestural timing is
affected both by the position of /l/ in the word, in
agreement with previous literature on gestural timing
in /l/, and by the task in which /l/ is produced.
Word Position was found to significantly affect
MLag (t = -11.83, p < 0.0001), with the direction of
this effect mirroring that observed in the previous
literature: positive lag values are observed in wordfinal tokens of /l/ (T3 constriction precedes T1
constriction), while negative lag values are observed
in word-initial tokens of /l/ (T1 constriction precedes
T3 constriction).

3.2. Gestural Magnitude Across Tasks and Positions

For the analysis of task and word position effects on
magnitude of the tongue tip and tongue dorsum
gestures, separate LMEMs were fit on the dependent
variables T1A and T3R, each with the same fixed and
random effect structure as the models fit to the
intergestural timing data. The results of the T1A
analysis largely mirror those of the timing analyses,
with both Word Position and Task found to
significantly effect T1A (Fig. 3) (Word Position: t =
-2.88, p < 0.01; Task: t = 3.00, p < 0.01).

Figure 2: Mean MLag values across Word Positions and
Tasks (light grey = Isolated Speech condition, dark grey =
Connected Speech condition). Dotted line represents zero
ms lag (simultaneous gestures).

Figure 3: Mean T1A values across word positions and
tasks (light grey = Isolated Speech condition, dark grey =
Connected Speech condition). Smaller values indicate T1
is closer to the palate (greater gestural magnitude).

While the same gestural sequencing patterns were
observed in the Isolated and Connected speech
conditions, substantial differences in relative
intergestural timing were observed between the two
tasks (as seen in Fig. 2). For both word-initial and
word-final tokens of /l/, MLag was significantly
closer to zero (simultaneous T1 and T3 constrictions)
in the Connected Speech condition than in the
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The variation in Word Position again follows that
observed in previous research [6, 16], with smaller
T1A values observed in Word-Initial tokens of /l/
than in Word-Final tokens, suggesting final
reduction of the tongue tip gesture. The variation in
T1A across the Isolated and Connected Speech
conditions indicates that smaller T1A values are
observed in the Isolated Speech condition than in the
Connected Speech condition, as predicted based on
previous research on speech task differences.
Although a significant effect of Word Position
was observed on the T3R measurements (t = 5.61, p
< 0.0001), with the direction of this effect following
the observation in the literature that the tongue
dorsum gesture in /l/ is reduced Word-Initially [1,
6], neither the main effect of Task on T3R nor the
interaction between Task and Word Position were
found to be significant (Task: t = 1.75, p > 0.05;
Task*Position: t = - 0.363, p > 0.1) (Fig. 4).

observed such that absolute values for both lag
measurements increased (became more extreme) as
T1A values became smaller (larger gestural
magnitude) (β = -1.14, p < 0.01). This finding
suggests that there is a systematic, token-by-token
relationship between Task and Position.
4. DISCUSSION
Overall, the results of this study confirm that both
intergestural timing and gestural magnitude
systematically vary across speech tasks in /l/, and
additionally suggest that there is a relationship
between this variation in timing and magnitude.
Measurements of both intergestural timing lag and
tongue tip (T1) constriction degree indicate that the
direction of this variation was the same for both
measurements, with less extreme lag and constriction
degree measurements observed in the Connected
Speech condition than in the Isolated Speech
condition. These findings mirror those from previous
research on articulatory variation across speech tasks
and rates, e.g. [4, 9], in that they are indicative of
gestural reduction or ‘undershoot’ in faster, more
casual connected speech styles [12]. Although similar
patterns of reduction were not observed for tongue
dorsum (T3) retraction in the Connected Speech
condition, further research will be necessary to
determine whether this is due to asymmetries in the
extent to which task affects the multiple gestures in /l/
or due to other factors, such as coarticulation with
surrounding vowels.
The findings of this study also indicate that there
is a direct, token-by-token relationship between
timing and magnitude. This observed relationship
follows naturally from previous research illustrating
that the duration of both articulatory gestures and
their relative timing intervals are reduced as speech
rate increases [8, 14].1 As explained by models in
which a set of planning oscillators or ‘clocks’
determine the interval over which a given articulatory
gesture is active, the fact that individual articulatory
gestures shorten in faster speech inherently leads to a
decrease in both the magnitude of the gesture and the
timing interval between adjacent gestures [16], with
the extent of the durational decrease predicted to
directly determine the extent of the magnitude and
timing reduction. The failure to observe reduction of
the tongue dorsum retraction gesture in the Connected
Speech condition is again the one finding of this study
that does not fit within this predicted relationship
between duration, timing and magnitude, and raises
the possibility that additional task-specific factors
beyond the overall effect of gestural duration may be
at play in this data.

Figure 4: Mean T3R values across word positions and
tasks (light grey = Isolated Speech condition, dark grey =
Connected Speech condition). Smaller values indicate T3
is closer to pharyngeal wall (greater gestural magnitude).

3.3. Relationship Between Timing and Magnitude

The results of the analyses of speech task and word
position effects on gestural timing and magnitude
suggest that there may be a relationship between
these two articulatory measurements, as the direction
of the variation in timing mirrors that observed for
the T1A measurements for both Word Position and
Task. To test whether this apparent relationship was
in fact indicative of a dependency between timing
and magnitude for /l/, a linear regression model was
fit on the data to test whether T1A was a significant
predictor of MLag. Due to the difference in timing
patterns for word-initial and word-final /l/, the
absolute value of both lag measurements were used
to allow more direct comparisons between /l/ in each
word position.
The analysis found that T1A was a significant
predictor of MLag, with a negative relationship
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observed task effects on gestural timing and magnitude
can be attributed to general speech rate differences
between the tasks versus other stylistic differences. This
is left for future research.
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acoustic study on V-nasalization in CVN and NVC in
American English (AmE) [5] suggest that the
seemingly low-level V-coarticulation is fine-tuned by
prosodic-structural factors (i.e., boundary strength
and prominence), leading to enhancement of different
kinds of linguistic contrasts (syntagmatic vs.,
paradigmatic), depending on the source of prosodic
strengthening (boundary vs. prominence).
The AmE results of [5] indicated that under the
focus-induced prominence in both CVN and NVC, N
duration was lengthened, enhancing N’s nasality, but
V showed coarticulatory resistance to nasalization,
enhancing V’s orality. Crucially, the coarticulatory
resistance effect was pervasive throughout the vowel,
suggesting that it is not a mere outcome of a low-level
process, but something controlled by the speaker in
reference to the paradigmatic contrast system of the
language. As for boundary-related effects, in domaininitial position (#NVC), boundary strength acted to
decrease N duration and also reduce coarticulation
with the following vowel. In domain-final position
(CVN#), in contrast, N duration was lengthened
phrase-finally, and at the same time V nasalization
increased throughout the vowel. The initial effects
enhance syntagmatic CV contrast—i.e., the reduced
duration of N enhances C’s consonanality which,
together with reduced nasalization of V, contributes
to the CV distinction. The final effects increase
coarticulatory propensity and are taken to stem from
a general phrase-final articulatory weakening process,
which loosens the articulatory linkage of the oral
constriction and the velum lowering gestures.
Based on these results in AmE, [5] suggested that
the phonetics-prosody interface as reflected in
coarticulatory V nasalization must be internalized in
the phonetic grammar of each language. This opens
the possibility of both cross-linguistic and crossdialectal variation in the way that coarticulatory
processes are instantiated.
As a test of such variation, the present study
extends [5]’s study in AmE to another variety of
English, Australian English (AusE). By employing
similar methods, the present study will deliver results

ABSTRACT
This study investigates effects of prosodic factors
(prominence, boundary) on coarticulatory Vnasalization in Australian English (AusE) in CVN
and NVC in comparison to those in American English
(AmE). As in AmE, prominence was found to
lengthen N, but to reduce V-nasalization, enhancing
N’s nasality and V’s orality, respectively
(paradigmatic contrast enhancement). But the
prominence effect in CVN was more robust than that
in AmE. Again similar to findings in AmE, boundary
induced a reduction of N-duration and V-nasalization
phrase-initially (syntagmatic contrast enhancement),
and increased the nasality of both C and V phrasefinally. But AusE showed some differences in terms
of the magnitude of V nasalization and N duration.
The results suggest that the linguistic contrast
enhancements
underlie
prosodic-structure
modulation of coarticulatory V-nasalization in
comparable ways across dialects, while the fine
phonetic detail indicates that the phonetics-prosody
interplay is internalized in the individual dialect’s
phonetic grammar.
Keywords: prosodic structure, coarticulation, vowel
nasalization, Australian English, American English.
1. INTRODUCTION
Coarticulation is an inevitable low-level phonetic
process that underlies connected speech across
languages, entailing cross-linguistic similarities in
phonetic implementation [10]. It is, however, also
known to be conditioned by various other higherorder linguistic structures, which, as they vary across
languages, engender language specificity in fine
phonetic detail [1,3]. One such higher-order linguistic
structure is prosodic structure which modulates
phonetic implementation of speech segments in a
language-specific way [4,8]. Recent studies [5,6]
have indeed shown that coarticulatory V-nasalization
operates in reference to the prosodic structure in
which segments occur. For example, results of an
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that enable cross-dialectal comparisons across closely
matched data sets. Such comparisons will shed light
on the relative universality versus languagespecificity of the phonetics-prosody interface that
underlies coarticulatory nasalization of vowels.

A). Speech rate of the prompt sentences was
comparable in both AusE and AmE data, which
helped maintaining similar speech rates of the
experimental sentences across the languages. To
obtain different types of focus, speakers were asked
to make contrast between words in bold in Sentences
A and B, which induced corrective lexical contrastive
focus (e.g., WAR vs. BOMB) or corrective
phonological contrastive focus on N (e.g., BOB vs.
BOMB). To obtain different boundary types, an IP
boundary after a test word was obtained with a
following tag question as in Table 1; and an IP
boundary before a test word was induced by placing
the words “Not exactly” before the test word. Finally,
the Wd boundary was induced by placing the test
word midway in a short phrase (e.g., ‘say TARGET
fast again’). The test sentences were given in a
randomized order with 4 repetitions. A total of 2688
sentences were recorded: 2 syllable positions (#NVC
vs. CVN#) x 4 test words x 3 focus types (PhonFOC
vs. LexFOC vs. NoFOC) x 2 boundaries (IP vs. Wd)
x 4 repetitions x 14 speakers. Two trained English
ToBI transcribers (two of the authors) checked the
prosodic renditions on the focus and boundary types.
396 tokens with unintended pitch placements and
boundary markings were discarded.

2. METHOD
2.1. Participants and Recording

Fourteen native speakers of Australian English (10F
and 4F) participated in this study. All were born and
raised in Australia, aged from 20 to 30. Recordings
were made in a sound-proof booth at the MARCS
Institute Lab with a Tascam DR-680 multi-channel
digital recorder and a Shure KSN44 condenser
microphone at a sampling rate of 44.1 kHz. AmE data
was based on [5] for the comparison with AusE data.
Both AmE and AusE data were collected with an
identical experimental setup.
2.2. Speech Materials

Eight test words were used, in a CVN context (palm,
bomb, ten, den) or NVC (mop, mob, net, Ned)
context. They included only non-high vowels such as
/ɛ, ɑ/ to avoid overlap between the first formants (F1)
of the vowel and the nasal peak (P0). A further 16
words in an oral (CVC) context were included for an
oral baseline condition as well as to induce different
contrastive focus conditions (phonological focus,
lexical focus and no focus) in the prompt sentences
(see below). These words were embedded in carrier
sentences in which Boundary (IP/Wd) and Focus
(LexFOC, PhonFOC, and
UnFOC)
were
systematically manipulated, as laid out in Table 1.

2.4. Measurements

N duration was measured from the onset to the offset
of nasal energy (murmur) as observed in the
spectrogram. In the case of V-nasalization, A1-P0
values (A1=amplitude of F1; P0=nasal peak) were
extracted using a Praat script [11]; the lower the A1P0 value, the greater the nasalization. A1-P0 values
were obtained at two absolute timepoints (25ms and
50ms from N into the vowel) and at three relative
timepoints (25%, 50%, 75% of the vowel). The
absolute measures were to examine whether the
coarticulatory process would be a time-locked
phenomenon, and the relative measures to examine to
what extent the coarticulatory process would be
pervasive throughout the vowel as a process that may
be considered to be under the speaker control.

Table 1: Example sentences with a CVN word for each
condition of boundary and focus. Targets are underlined
and focused words are in bold.
Condition
#=
Phon
IP
FOC
Lex
FOC
No
FOC
#=
Wd

Phon
FOC
Lex
FOC
No
FOC

Example sentences
A: Were you supposed to write BOB?
B: No. I was supposed to write BOMB #, wasn’t
I?
A: Were you supposed to write WAR?
B: No. I was supposed to write BOMB #, wasn’t
I?
A: Were YOU supposed to write bomb?
B: No. JOHN was supposed to write bomb #,
wasn’t he?
A: Did you write ‘say BOB fast again’?
B: No. I write ‘say BOMB # fast again.’
A: Did you write ‘say WAR fast again’?
B: No. I write ‘say BOMB # fast again.’
A: Did you write ‘say bomb FAST again’?
B: No. I write ‘say bomb # SLOWLY again.’

2.5. Statistical Analysis

Repeated Measures Analysis of Variance (RM
ANOVAs) were conducted to examine the effects of
prosodic factors on two dependent variables: Nduration and V-nasality (A1-P0 z-score). Withinsubject factors were Focus (PhonFOC vs. LexFOC vs.
NoFOC), Boundary (IP vs. Wd) and Time (Relative:
25%, 50%, 75%; Absolute: 25ms, 50ms). In addition,
for the comparison of AusE data with AmE data, a
between-subject factor, Dialect Group (AusE vs.
AmE) factor was included. When interactions were
observed among factors, one-way ANOVAs with

2.3. Procedure

The participants (Speaker B) were instructed to read
out the second sentence (see Table 1) in a mini
dialogue in response to the pre-recorded prompt
sentences of a native AusE female speaker (Speaker
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indicating V’s coarticulatory resistance to
nasalization under prominence. There was no
interaction Focus x Dialect interaction, either,
suggesting that the focus effect is comparable
between the two dialects.
There was also a main effect of Boundary
(domain-initial effect) on V nasalization. As shown in
Fig.2c and f, this consisted of a reduction of V
nasalization (greater A1-P0) in IP-initial position on
both the relative and absolute measures. Again,
Boundary did not interact with Dialect (showing
cross-dialectal comparability) or Time (showing the
pervasiveness of the effect into the vowel).

Bonferroni-corrected pairwise comparison were
carried out separately for each within-factor effect.
Statistical analysis was performed with IBM SPSS
version 23.0.
3. RESULTS
3.1. #NVC (domain-initial effects)

3.1.1. Initial N duration
There was a main effect of Dialect on N duration
(F[1,27]=7.01, p<.05), indicating that N duration in
NVC was generally longer in AusE than in AmE
(Fig.1a). There was also a main effect of Focus on N
duration as shown in Fig.1b, showing that N duration
was longer in the focused than in the unfocused
condition in both dialects, which augmented N’
nasality under prominence. (Note that lexical focus
and phonological focus did not differ on any measure,
so we will not report the difference between the two
for the remainder of the paper.) Crucially, there was
no interaction between Focus and Dialect, suggesting
that the focus effect on N is comparable between the
dialects.
As shown in Fig.1c, Boundary also showed a main
effect on N duration with no interaction with Dialect,
again showing a comparable cross-dialectal effect.
But counter to the lengthening of N under focus, the
Boundary factor induced a shortening of N in IPinitial position, increasing N’s consonantality (rather
than its sonority).

Figure 2: V nasalization: Focus and Boundary effects.
A1P0 z-score at relative and absolute timepoints in
#NVC in AusE and AmE. (AmE data from [5].)
Relative Timepoints in NVC
(a) Dialect effect (b) Focus
n.s.

(c) Boundary

F[2,54]=16.28***

F[2,26]=
16.78 ***

F[2,28]=
6.19 **

F[1,27]=27.28**

F[1,13]=
19.44 ***

F[1,14]=
10.47 **

Absolute Timepoints in NVC
(d) Dialect effect
F[1,27]= 10.69***

(e) Focus

(f) Boundary

F[2,54]= 20.03***

F[1,27]= 67.97**

Figure 1: N duration: Focus and Boundary effects on
#NVC in AusE and AmE. (AmE data from [5].)
(a) Dialect effect
F[1,27]=7.01*

(b) Focus

(c) Boundary

F[2,54]=183.32***

F[1,27]=106.32
F[2,26]=
67.83 **

F[2,26]=
53.60 ***

F[2,28]=
199.30**

F[1,13]=
30.64 ***

F[2,28]=
14.11 ***

F[1,13]=
28.26 ***

F[1,14]=
44.10 ***

F[1,14]=
103.00 **

3.2. CVN# (domain-final effects)

3.2.1. Final N duration
Unlike the case with initial N (longer in AusE than
in AmE), there was no main effect of Dialect on final
N (Fig.3a). But Focus showed a main effect on N
duration in CVN. As shown in Fig.3b, N duration was
significantly longer in the focused than unfocused
conditions, with no interaction with Dialect.
Boundary also showed a main effect on N duration
(Fig.3c), such that N was longer in IP-final than Wdfinal conditions, showing a general phrase-final
lengthening effect. Again there was no interaction
between Boundary and Dialect.

3.1.2. V nasalization in NVC (carryover effect)
There was a main effect of Dialect on A1-P0 in the
absolute measure (F[1,27]=10.69, p<.05), indicating
that V nasalization in the carryover direction was
generally larger in AusE than in AmE when the
vowel’s physical distance from the coarticulatory
source (N) was exactly the same (i.e., fixed at
absolute timepoints) across the two dialects (Fig.2d).
But such cross-dialectal difference disappeared in the
relative measure, revealing no Dialect effect (Fig.2a).
Focus showed a main effect in both relative and
absolute measures. As shown in Fig. 2b and e, A1-P0
was greater in the focused than in the unfocused
condition, and crucially the effect was pervasive
through the vowel (no interaction with Time),

3.2.2. V nasalization in CVN (anticipatory effect)
Similar to the effect on NVC, there was a main
effect of Dialect on the absolute measure in CVN but
in an opposite direction (Fig.4d)—i.e., whereas NVC
(carryover effect) showed more V nasalization in
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AusE than AmE, CVN (anticipatory effect) revealed
less V nasalization in AusE than AmE.
CVN also showed a main effect of Focus on both
the relative and absolute measures, as shown in
Fig.4b and e, which was again pervasive throughout
the vowel (no interaction with Time). This indicates
a general coarticulatory reduction (resistance) under
focus. CVN also showed a main effect of Boundary
on both the relative and absolute measures as shown
in Fig.4c and f. But unlike the focus-induced
coarticulatory resistance effect, the boundaryinduced effect revealed a coarticulatory vulnerability
in IP-final position, as evident in an increase in the
degree of V nasalization.

two dialects in that AusE showed less V nasalization
in the NVC (carryover) context, but more V
nasalization in the CVN (anticipatory) context, as
compared with V nasalization in AmE. These crossdialectal differences suggest that the low-level
phonetic coarticulatory process is indeed regulated
differently even across dialects of the same language,
extending the general view that a non-contrastive
phonetic process is internalized in the phonetic
grammar at an individual language level [2,3,7,9,12]
to a dialectal level.
Despite the cross-dialectal differences, however,
the present results also reveal remarkable crossdialectal similarities. Both dialects showed a
boundary-induced shortening of N, accompanied by
less V nasalization in #NVC, but the reverse was true
in CVN# in which N was lengthened and V was more
nasalized. Furthermore, both dialects showed a
prominence-induced lengthening of N in both #NVC
and CVN#, while V was nasalized less under
prominence, a pattern interpretable as coarticulatory
resistance. These results reinforce a view of the
phonetics-prosody interface in which phonetic
realization of segments is fine-tuned by the prosodic
structure in which segments occur (cf. [3]).
Crucially, both dialects also showed that these
effects were not limited to the vicinity of the source
of nasalization (N) which might otherwise signal a
low-level phonetic effect. Instead, the effects were
pervasive throughout the entire vowel, as V
nasalization
was
extended
beyond
the
physiological/biomechanical time-locked effect. This
also implies that the coarticulatory process is
controlled by the speaker with reference to higherorder prosodic structure. More importantly, the crossdialectal similarities are grounded on linguistic
contrasts that may underlie the phonetics-prosody
interface. For example, both dialects showed a
boundary-induced enhancement of syntagmatic (CV)
contrast in domain-initial position. This was evident
in a combination of a shortening of nasal murmur for
N (which increases N’s consonantality) and a
reduction of V nasalization (which increases V’s
orality). Furthermore, both dialects showed a
prominence-induced enhancement of paradigmatic
contrast, such that the nasal murmur of N was
lengthened, enhancing N’s nasality feature whereas V
showed coarticulatory resistance to nasalization.
These results add to the fast-growing body of
literature on the phonetics-prosody interface. They
demonstrate that although AusE and AmE differ in
the magnitude of coarticulatory nasalization in
carryover vs. anticipatory contexts, such seemingly
different coarticulatory propensities across dialects
operate in much the same way by making reference
to linguistic contrasts in universally applicable ways.

Figure 3: N duration: Focus and Boundary effects in
CVN# in AusE and AmE. (AmE data from [5].)
(a) Dialect effect
n.s.

(b) Focus

(c) Boundary

F[2,54]=117.14***
F[2,26]=
60.68***

F[1,27]=74.70**

F[2,28]=
58.00**

F[1,13]=
33.307 ***

F[1,14]=
43.26 **

Figure 4: V nasalization: Focus and Boundary effects.
AusE and AmE A1P0 z-score at Relative (75%, 50%,
25%) and Absolute timepoints (50ms, 25ms) in CVN#.
Relative Timepoints in CVN
(a) Dialect effect
n.s.

(b) Focus

(c) Boundary

F[2,54]=47.47***

F[2,26]=
23.20 ***

F[2,28]=
24.62 ***

F[1,27]=82.41***

F[1,13]=
53.99 ***

F[1,14]=
38.37 ***

Absolute Timepoints in CVN
(d) Dialect effect
F[1,27]= 5.34***

(e) Focus

(f) Boundary

F[2,54]=34.47***

F[2,26]=
17.98 ***

F[2,28]=
18.47 ***

F[1,27]=76.51***

F[1,13]=
51.94 ***

F[1,14]=
32.44 ***

4. DISCUSSION AND CONCLUSION
Comparisons of the results between AusE and AmE
revealed interesting cross-dialectal differences. N
duration in the onset of NVC was generally longer in
AusE than in AmE, but no such dialectal difference
was observed for N in the coda of CVN. As for V
nasalization, there was an asymmetry between the
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of a referential set is narrated with than without a
prominent pitch accent [3,4].
Taken together, prosodic prominence has a direct
impact on how we process speech input and interact
with referential context, and affects how we store and
retrieve memory of discourse. While these functions
of prosodic prominence may play critical roles in the
development of communication skills, research on
prosody in younger children, especially with
developmental disorders, have not progressed largely
due to methodological difficulties [10-12].
The present study investigates how young
children with Autism Spectrum Disorder respond to a
prosodic prominence for visual search, and whether
the prominence has any effect on how they maintain
attention to a particular referent after a referential
expression marks its relevance to the communicative
goal. To overcome the methodological pitfalls of the
past eye-tracking studies with passive scene
observations, which did not clarify the
communicative goals of the experimental tasks [2, 13,
14], we tested young children with ASD with
interactive video stimuli that elicited responses to
both linguistic and gestural cues. While young
children with autism may show general sensitivity to
acoustic prominence in speech, the presence of facial
movements accompanying speech signals may
distract these participants with limited cognitive
resources (reflected in their general delay in
development of memory and executive function) [15]
and thus make them less efficient in utilizing prosodic
prominence for object search.

ABSTRACT
Prosodic emphasis facilitates referential resolution [1,
5, 6, 16] and recall of discourse contents [3, 4], yet
these effects have not been fully confirmed in young
children with developmental disorders. The present
eye-tracking study tested how prosodic prominence
affects object search and attention maintenance in
young children with Autism Spectrum Disorder
(ASD) with interactive videos. Typically-developing
children swiftly switched their gazes from the actor’s
face to the object with or without prominence on X in
“Where is X?” and maintained longer gazes on the
object with than without prominence. Children with
ASD failed to switch gazes and were overall slower
in detecting objects, although the prominence led to
relatively faster eye-movements to the object. The
data demonstrate the sensitivity to prosodic
prominence in children with ASD, yet suggest that
prominence cannot trigger robust attention shift and
maintenance.
Keywords: Prosodic prominence, Autism Spectrum
Disorder, eye-tracking, object search, attention.
1. INTRODUCTION
Prosodic prominence accompanied by a dynamic
movement of fundamental frequency (F0), longer
segmental duration, higher intensity, and distinctive
voice quality, etc. affects how we process spoken
messages. Past eye-tracking studies have
demonstrated that listeners respond to prosodic
prominence for referential expressions immediately,
with swift eye-movements for object search. Adults
are generally very efficient in allocating attention
according to the presence of a pitch accent in a
referential expression, which signals novelty or
contrastive status of the referent in a given discourse
[1, 16, 7, 8]. Children are not as proficient as adults,
yet they exhibit the sensitivity to prosodic
prominence and start making use of it predictively for
visual search during the preschool age [5, 6, 9].
Another line of research on prosodic prominence
and memory have shown that people better recall the
contents of short passages when a particular member

2. EXPERIMENT
2.1. Participants

This paper presents data from 17 children diagnosed
with ASD at [institution name] and 17 typicallydeveloping children who were individually agematched to the clinical group. Table 1 summarizes the
two groups’ performances in the Peabody Picture
Vocabulary Test-IV (PPVT-IV).
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Table 1: Participants’ age and PPVT scores.
53.18
(21.27)
Range: 20-93
99.65
(22.97)
51-133

Figure 2: Example stimuli pair “Where is the BUS
(left) / bus (right)”?
5000

5000
Frequency (Hz)

0
12.63
700

2.2. Materials and Design

0
12.63

13.71
Time (s)

A total of 32 videos were presented across 4 lists.
Four sets of objects (farm animals, kitchen items,
fruits, and vehicles) were prepared for object search.
Each session consisted of four blocks, each of which
showed 4 video clips with the same set of objects.
Within each video clip, an actor appeared with a set
of four objects in the background (e.g., car, plane, bus
and truck: Figure 1), and asked for the participant’s
help in finding an object, using the plot such as:

0
12.77
700

13.71
Time (s)

Pitch (Hz)

TD
(n=17)

3;01
(1;075;03)
3;09
(1;104;09)

prominence on the noun X and one without. See
Figure 2 for example two tunes.

PPVT (ss)

13.8
Time (s)

Pitch (Hz)

ASD
(n=17)

age

Frequency (Hz)

Group

0
12.77

13.8
Time (s)

Table 2: Where is X? acoustic analyses
Mean (std) and results of paired t-tests of duration
and F0
Condition Duration Ave. F0 X dur
X F0
(ms)
(Hz)
(ms)
(Hz)
1074
260.3
537
277.2
Emphatic
(171)
(73.3)
115
(43.6)
Non1028
256.6
468
200.9
Emphatic
(137)
(66.1)
(111)
(79)
1.317
0.705
4.186
t (df=15)
4.203
0.208
0.491
<0.001 <0.001
p-val

Hi, my name is Erin. I’m looking for my favourite
vehicle. Can you help me find it? (pause)
Where is the BUS/bus? (pause)
Over where? (pause)
Oh, I see. [2s later, she turns her head to the object,
holds the gaze for 2 seconds, points to the object, and
grabs it.]
Thank you! (total duration approx. 30 sec)

Acoustic analyses revealed that the utterance
duration and F0 did not differ between the two
conditions, but the noun was significantly
longer and had higher F0 in Emphatic than in
Non-Emphatic condition (Table 2). Further
analysis also confirmed significantly higher
relative amplitude of the object (log of the ratio
between object RMS and utterance RMS) for
the Emphatic as compared to Non-Emphatic
condition (t=9.82, p<.0001).

Figure 1: Example video stimuli set for one block

2.3. Procedure

Each child participant was seated within 50-60cm
from the Tobii 60XL monitor in a dimmed room.
Participant’s eye-movements were quickly calibrated
using Clearview software before each block. Unless
the child was distracted, researchers remain silent
during each video and coded the child’s verbal and
gestural responses to the video. Short cartoon videos
were played between blocks to keep the child
entertained. After the final block, the child faced the
researcher and PPVT-IV was administered.
Each child viewed a total of 16 video clips (4
blocks of 4 videos): 2 blocks presented Emphatic
versions, and the other 2 blocks presented NonEmphatic versions. The order of the blocks and the
conditions were counterbalanced across the four
presentation lists.

For each block, four actors asked for four objects in a
random order. After the 4th video, a static image of
one of the actors reappeared with the same set of
objects (of which the locations are shuffled) and
participants heard a question:
Which one did he/she find?
2.1.1. Acoustic analyses of Where is X?
Each of 8 actors (4 males and 4 females) produced
two versions of the same video, altering only the tune
for the critical question Where is X? - one with a
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ln(targ/all) for 600-900ms after noun offset: t=-3.11,
p<0.01) and did not maintain the attention as long as
their TD peers (group effect on ln(targ/all) for 9002100ms after noun offset: t=-2.09~-3.12, p<0.01).
Although the gazes to the target object increased after
Where is X?, they never exceeded the looks to the
actors face in both conditions (Figure 4). With the
emphasis, however, their looks to the target object
increased relatively faster (prosody effect on
ln(targ/face) for 600-900ms after noun offset: t=1.88,
p=0.07). In addition, the emphasis on the object noun
seemed to have led relatively more looks to other
objects/distractors in the scene, although this did not
bear statistical reliability.

2.4. Results

Analyses of oral and gestural responses to the video
stimuli confirmed the general lack of responsiveness
to speech input in ASD [15]. While TD children made
gestural responses to “Where is X?” nearly 50% of
the time with or without emphasis, children with ASD
did so less than 20% of the time (Table 3).
The emphasis on the critical object impacted the
patterns of visual search differently across the groups.
As shown in Figure 3, TD children started launching
the eye-movements to the target object toward the end
of the critical noun, and shifted their gazes from the
actor’s face (blue) to the mentioned object (red) in a
few hundred milliseconds after the offset of the noun.
After hearing an emphasis, however, they maintained
the gaze on the object longer, delaying the shift back
to the actor by about 1sec as compared to when they
heard a non-emphatic object (prosody effect was
tested with linear mixed effects regression models on
ln(targ/face) for 2100-2400ms after noun offset:
t=1.98, p=0.05).

Figure 4: ASD gazes during Where is X?:
Emphatic (upper) Non-Emphatic (lower)
ASD: "Where is X?" Emphatic (n=17, N=136)
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Table 3: Mean (std) Oral/Gestural responses to
Where is X?
Emphatic:
Nonemphatic:
Condition
Where is X?
Where is x?
oral/gesture Oral % Gesture % Oral % Gesture %
ASD
15.63
15.63
15.13
17.11
(n=17)
(29.21) (27.77) (24.14) (29.23)
TD
(n=17)
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Figure 3: TD gazes during Where is X?:
Emphatic (upper) Non-Emphatic (lower)
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Comparisons of the eye-movements during the headturn, pointing and grabbing (that was accompanied
by no speech) revealed interestingly similar patterns
between the two groups (Figure 5). The looks to the
mentioned object increased steadily after the headturn, and exceeded the looks to the actor’s face after
the pointing to the object. Importantly, children with
ASD did not show any delay in this gaze switch as
compared to their TD peers (no group effect on
ln(targ/all) and ln(face/all) from the beginning of
head-turn and the end of grabbing). This provides
counterevidence to a traditional view that children
with ASD lack the ability to process cues to jointattention or that they are not sensitive to social cues
[13-15].
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Children with ASD were overall slower to detect the
object as compared to their TD peers (group effect on
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groups are due to the developmental delay specific to
speech processing in ASD. TD children swiftly
processed segmental cues for word recognition with
or without prosodic prominence, and the effect of
prosody had no room to show during the initial gaze
shift with its ceiling speed. The effect of prominence
instead appeared in the degree of attention
maintenance to the object in a later window. Children
with ASD, in contrast, were generally slower to
process speech input for word recognition and
therefore the facilitative effect of prominence
appeared in the earlier window where the looks to the
target increased gradually. Importantly, however,
neither group showed an effect of prosodic
prominence on the gaze shift during the later nonverbal gesture sequence. Thus, prosodic prominence
does not seem to have long-term effect to maintain
discourse salience in young children, with or without
a developmental disorder.

Figure 5: eye-movements during gesture sequence
TD (upper) vs. ASD (lower), Emphatic (left) vs.
Non-Emphatic (right)
TD: Gesture Emphatic (n=17, N=136)
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3. DISCUSSION & CONCLUSION
Using interactive videos, this study elicited
spontaneous responses to prosodic prominence in
young children with ASD and their age-matched TD
peers. As shown in the difference in the PPVT scores,
the many children of the clinical group were
minimally verbal at the time of experiment. Group
differences in the gestural and oral responses to the
videos also confirmed the general assumption that
children with ASD are less responsive to speech
input.
However, participants’ spontaneous eyemovements during the videos revealed unpredicted
similarities more than predicted differences across the
groups. First, both TD children and children with
ASD mostly looked at the actor’s face during speech,
unlike a previous study [15]. Second, the looks to the
target object increased after Where is X, and then
gazes were shifted back to the actor in both groups.
This happened regardless of the prosody: that is,
young children with ASD generally processed spoken
messages in a similar manner as in their TD peers,
even though they failed to respond with words and
gestures. Finally, the timings of the gaze shift during
the sequence of gesture (head-turn àpointing à
grabbing) were strikingly similar between the groups,
despite that the deficit in processing joint-attention
cues has been repeatedly reported for children with
ASD [2, 14, 15]. Children with ASD tested in the
present study rather swiftly shifted their gazes from
the actor’s face to the object according to the actor’s
gaze direction and pointing gesture. The timing of
such gaze shift during the non-verbal gestural
sequence show that the delay in responses to Where
is X cannot be attributed to the general delay in
oculomotor control or the lack of interest in
communicative cues.
We argue that the observed differences in the
timing of the effect of prosodic prominence across
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ABSTRACT

nearly equal compared to adults’ speech [9, 10, 11].
This specific finding suggests that rhythm may be
tied to the development of articulatory timing, which
is also develops very slowly [8, 12]. Yet, most
research on speech rhythm acquisition has focused
on the acquisition of prosodic structures, especially
metrical structure [e.g., 13, 14, 15, 16] and
associated lexical stress patterns [e.g., 17, 18]. Here,
we investigate whether articulatory timing in
school-aged children’s speech is conditioned by
these factors or is independent of them.
In previous research, we investigated
grammatical word reduction as a function of
metrical structure [19]. The current study extends
this work to investigate how grammatical words are
chunked with adjacent content words, where
chunking is indexed by anticipatory coarticulation.
According to metrical theory, grammatical words are
less prominent than content words. Thus,
monosyllabic grammatical words are preferentially
chunked with a preceding monosyllabic content
word to form a trochaic foot. When this chunking is
not possible because the preceding content word is
itself a trochee, the grammatical word is unfooted
and so chunked according to syntactic structure [20];
for example, it is chunked with a following noun if
the grammatical word is a determiner. This chunking
pattern predicts that anticipatory effects on
grammatical word production will be stronger in
cases where the word is unfooted than in cases
where it is footed. Of course, the prosodic word that
results from the unfooted case is also an iamb. Some
prior work has shown that children’s production of
iamb is still immature well into the school-aged
years [18]. Thus, it could be that anticipatory effects
on grammatical word production will emerge only
slowly over developmental time.

If rhythm acquisition is influenced by the
development of articulatory timing, then metrical
structure might be expected to condition this timing.
This study tested this hypothesis by investigating
anticipatory effects of an upcoming noun on the
production of a preceding determiner, under the
assumption that anticipatory coarticulation indexes
chunking. Simple S-V-O sentences were elicited
from 5-year-olds, 8-year-olds, and adults. The V was
either monosyllabic packed or disyllabic patted. The
O was a determiner phrase where nouns varied either
in onset place-of-articulation (POA; tack vs. cat) or
in their rhymes (tack vs. toot). Acoustic analyses of
determiner schwa F1 and F2 showed no effect of
verb on schwa coarticulation. Given other results,
including an interaction between age group and
POA, the findings suggest that the acquisition of
articulatory timing is independent of metrical
structure, even if this timing is related to speech
rhythm acquisition.
Keywords: prosody, speech development,
coarticulation
1. INTRODUCTION
Rhythm is a highly salient feature of speech and a
marker of difference between typical and atypical
speech. Moreover, atypical rhythm patterns have
been shown to increase the perception of disorder [1,
2], which is correlated with negative social
evaluations [3, 4]. For these reasons, it is important
to understand what drives rhythm acquisition: the
more complete our understanding, the more able we
are to effectively and efficiently intervene to help
remediate disordered rhythm.
Measurement-based research on the typical
acquisition of English rhythm suggests protracted
development [5, 6]; similar to disordered speech
rhythms, school-aged children’s speech is more
equally timed than adults’ speech [7, 8]. In
particular, their vowel-to-vowel durations are more

2. METHODS
2.1. Participants
Sixteen five-year-olds, 16 eight-year-olds, and 16
adults participated in this study, and data from seven
5-year-olds, seven 8-year-olds, and four adults have
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been analyzed. Participants were recruited through
word of mouth. All participants are native-English
speaking with typically-developing speech and
language, according to parent report and assessment
for children, and self-report for adults. All passed a
pure tone hearing screening at 25 dB presented at
1000, 2000, and 4000 Hz. To determine typical
speech and language development, children
completed the articulation subtest of the Diagnostic
Evaluation of Articulation and Phonology (DEAP)
as well as four Core Language Score (CLS) subtests
from the Clinical Evaluation of Language
Fundamentals - 5th Edition (CELF-5). Participants
who received a scaled score below seven on the
DEAP or on the CLS were excluded from the study.

2.3. Procedure
The target sentences were blocked by metrical
context (i.e., “patted” or “packed”) and elicited in
random order with other filler sentences. The aim
was to elicit 4 correct and fluent productions of each
target sentence, and so each block was repeated 4
times over the course of a 3-hour study session,
with assessment and additional experimental tasks
interspersed across the session. Picture prompts were
used to facilitate elicitation. In addition, the
experimenter provided a model sentence, at a
conversational rate, then asked the child to repeat the
production. To encourage naturalistic productions,
and therefore naturalistic chunking, the examiner
monitored the participant’s production for
disfluencies, unusual rate, over-enunciation, and
pauses. If any errors were present, the sentence was
elicited an additional time at the end of the block.
Participants’ speech was audio-video recorded for
later analysis.

2.2. Stimuli
To test for effects of metrical structure on
articulatory timing in school-aged children’s and
adults’ speech, we elicited sentences with different
verbs, as in Gerken [8]. Two target verbs were used:
one was monosyllabic (packed) and one was
disyllabic (patted). These verbs were combined with
nouns in simple stimulus sentences that had the
following shape: “Maddy packed/patted THE NOUN
today. ” According to metrical theory, the determiner
in the “packed” sentences should be chunked with
the verb to create the prosodic word, “packed the,”
which follows the preferred trochaic strong-weak
stress pattern of English. The determiner in the
“patted” will remain unfooted because the verb ends
with a weak syllable. It is thus only in this context
that “the” is chunked with the following noun to
form a prosodic word. These differences in stress
patterns and footing are predicted to influence
degree of anticipatory coarticulation in “the”
production.
We test for both place-of-articulation (POA)
effects on schwa in “the” and for effects of the
following stressed vowel on schwa in “the”. In the
POA condition, the 4 monosyllabic noun targets all
had the same vowel (dad, tack, gak, cat), but half of
the words had simple alveolar stop onsets and the
other half had simple velar stop onsets. In the V-V
condition, all 4 monosyllabic noun targets had single
alveolar stop onsets (dad, dude, tack, toot), but half
of the words had a low front vowel and the other
half had a high back vowel. Two target words were
the same across the 2 conditions, thus altogether the
determiner was produced adjacent to just 6 target
nouns in two metrical contexts.

2.4. Analysis
The audio was stripped from the audio-video
recording for the analyses reported here. Sentence
waveforms were then displayed using Praat [21] and
a textgrid file of each elicitation was created with
five tiers to identify the metrical context (i.e., verb),
block/repetition
number,
and
vowels
for
measurement. Figure 1 provides an example of
tiered segmentation of a target sentence, “Maddy
patted the gak today.”
Figure 1: Vowel segmentation in the target sentence,
Maddy patted the gak today.

2.5. Measurements
Vowel F1 and F2 were taken at vowel midpoint.
Although our focus is on the effects metrical context
and of the following noun on “the” production, we
measured F1 and F2 in both the schwa and in the
target noun vowel. For the POA condition, F1 and
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F2 were taken at noun vowel onset to confirm
perseveratory effects of the consonants on the vowel.
In total, 748 sentences were analyzed (5-year olds:
291, 8-year olds: 266, adults: 191); of those, 691
were acceptable for use (5-year olds: 261, 8-year
olds: 248, adults: 182). Fifty-seven sentences were
excluded due to ambiguous formant values.

consistent with an allophonic production of a
palatalized /k/ before the front vowel. It is also
consistent with the higher frequency burst typical of
a /k/ release. The interaction between age group and
POA was due to a stronger coarticulatory effect on
adults’ “the” production compared to children’s
“the” production.

2.6. Statistical Analysis

Figure 2: The average F2 in the as a function of the
speaker’s age (5YO= 5-year-olds; 8YO - 8-year-olds; AD
= adults) and the consonantal onset of the following
monosyllabic noun.

F1 and F2 measures were averaged across repetition
within vowel (determiner or noun), POA (alveolar or
velar) or target vowel (low front or high back),
metrical context (footed or unfooted) and speaker.
The effect of the within subjects factors were
investigated using the mean values using repeated
measures ANOVA with speaker’s age group as a
between subjects factor. Since formant values were
not normalized for vocal tract length, a simple effect
group was expected, especially on F2 values. This
effect is not of particular interest in the context of
the present study. Instead, we are interested in any
interaction between group and the experimental
factors. Interactions between group and POA or
target vowel on “the” production would indicate
articulatory timing differences across age groups.
Interactions between group and metrical context on
“the” production would indicate that metrical
context conditioned articulatory timing differently
across age groups.

Stronger V-to-C coarticulation in adults
compared to children might be due simply to more
precise consonantal articulation in adults compared
to children rather than to age-related differences in
the chunking of grammatical words. To investigate
this possibility, we tested for a group by POA
interaction on F2 taken at the vowel onset in the
noun (i.e., C-to-V coarticulation). The analyses
revealed significant effects of group [F(2,15) =
24.017, p < .001] and POA [F(1, 15) = 48.637, p <
.001], but no interaction between these factors. At
least within a word, consonantal articulation appears
to have the same effect on vowel articulation
regardless of the speaker’s age.

3. RESULTS
3.1. Anticipatory V-to-C coarticulation
The analyses indicated no significant effects on the
determiner vowel F1. It is possible that when more
speakers are added to each age group, the effect of
metrical context will be significant since the data
trended towards significance [F(1,15) = 3.67, p =
.075]. There were no other such trends in the data.
The results for determiner vowel F2 were more
interesting. Although there was no simple effect of
either metrical context or group, the effect of POA
was significant [F(1,15) = 29.25, p < .001]. More
importantly, there was a significant group by POA
interaction [F(2,15) = 4.66, p = .027], indicating
articulatory timing differences as a function of age.
No other interactions were significant.
Figure 2 shows that the schwa in “the” was
produced with a higher F2 before a velar consonant
than before an alveolar consonant by speakers in
across all age groups. The direction of this result is

3.2. Anticipatory V-to-V coarticulation
In the target vowel condition, analyses showed
unsurprising simple effects of age group on the
determiner vowel F1 [F(2,15) = 3.394, p = .061] and
F2 [F(2,15) = 24.108, p < .001]. Anticipatory effects
of the upcoming stressed vowel on schwa were only
observed for F1 [F(1,15) = 19.00, p =
 .001]. In
particular, F1 was lower before target /u/ than before
target /æ/. This effect did not vary with age group, as
is evident from Figure 3..
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Figure 3: The average F1 in the as a function of the
speaker’s age (5YO = 5-year-olds; 8YO = 8-year-olds;
AD = adults) and the stressed vowel in the following
monosyllabic noun.

especially when we can compare typical
development to atypical development. Accordingly,
we are beginning to explore metrical timing and
articulatory constraints in children with known
prosodic deficits: childhood apraxia of speech and
autism. This research, and the understanding it
affords, will inform better assessment and effective
intervention for disorders characterized by atypical
prosodic patterns.
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There was no effect of metrical context on “the”
production in the target vowel condition. Thus, the
V-to-V results suggest that the grammatical word
may be chunked similarly regardless of metrical
context and a speaker’s age.
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4. DISCUSSION AND FUTURE DIRECTIONS
If rhythm acquisition is influenced by the
development of articulatory timing, then metrical
structure might be expected to condition this timing.
The current study tested this hypothesis by
investigating anticipatory effects of an upcoming
noun on the production of a preceding determiner,
under the assumption that anticipatory coarticulation
indexes chunking. Overall, the results suggest little
to no effect of metrical structure on chunking in
child and adult speech. The results so far also
suggest little effect of age on coarticulatory effects
of an upcoming noun on the production of the
determiner: both children and adults showed similar
anticipatory effects of the noun onset and noun
vowel on the determiner vowel. The one exception
was the significant group by POA interaction on
determiner vowel F2: the effect of the noun onset
was stronger in adults’ speech than in children’s
speech. The finding could be due to the more rapid
articulation rate of adults’ speech compared to
children’s speech or to adults more precise
segmental articulation or, perhaps, to differences in
how children and adults chunk determiners with an
adjacent content word. We will explore these
different possibilities in future work with greater
numbers of participants per group.
The type of research we report here has
implications for how we understand the speech of
children with speech and language disorders,
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ABSTRACT

syllables, regardless of their accentual status [17]. It
is possible, however, that prominence-induced
lengthening at the phrasal level is not controlled
merely by the presence of accent, but by the type of
focus that the accent denotes [18, see also 3, 13]. For
instance, in German, contrastive focus has a strong
lengthening effect, but broad focus does not [3, 18].
Most of the discussion on prominence-induced
lengthening concerns the stressed vowel and/or
syllable, and little is known about the scope of the
effect, meaning the stretch of speech affected.
Relevant work has mainly focused on contrastive
accent, showing that the induced lengthening
extends beyond the stressed syllable [e.g., 6, 20, 21,
22]. In Standard Scottish English, for instance,
lengthening induced by contrastive accent affects the
stressed syllable, the rhyme of the syllable
immediately following the stressed one, the wordfinal syllable, and the word-initial segment [10]. The
extent of lengthening is such that it also crosses
word boundaries, affecting at least the first syllable
of the following word [22, see also 23]. These
findings suggest that accentual lengthening does not
extend over a continuous stretch of speech, but
affects
multiple
domains,
involving
both
anticipatory (before the stress) and spill-over (after
the stress) effects [10]. Since this evidence comes
from contrastive accent, it is unclear whether the
scope of prominence-induced lengthening varies
with source of prominence, possibly reflecting a
hierarchy of prominence (e.g., stress < noncontrastive accent < contrastive accent). Here, we
use articulatory data of Greek to assess the scope of
prominence-induced lengthening, whether it varies
with source of prominence (stress vs. noncontrastive accent), and whether it crosses prosodic
(word and/or phrase) boundaries. The relationship
between prominence and boundaries has become
increasingly relevant, as recent findings from Greek
show that stress position affects the timing of
phrase-final lengthening and boundary tones [15,
16]. Greek is a good language to examine, because it
uses stress contrastively while restricting it in one of
the final three syllables of the word.

It is well established that lengthening, i.e., longer
duration, is one of the correlates of lexical (stress)
and phrasal (accent) prominence. However, it is
unclear what the scope of this lengthening is,
whether it is affected differently by stress and
accent, and whether it crosses prosodic boundaries.
The electromagnetic articulography study of Greek
reported here assesses the scope of prominenceinduced lengthening as a factor of stress position
(antepenultimate,
penultimate,
ultimate),
prominence source (stress vs. accent) and boundary
type (phrase vs. word boundary). Results from five
speakers
indicate
that
prominence-induced
lengthening affects one continuous domain including
the stressed syllable and extending both before and
after that syllable. The exact scope of the effect
varies with stress position, and crosses word
boundaries when the stress is ultimate. Importantly,
the scope of lengthening is the same regardless of
the source of prominence, stress or accent.
Implications for the hierarchy of prominence are
discussed.
Keywords: stress, accent, lengthening, articulation,
Greek.
1. INTRODUCTION
Prominence marks syllables within words (i.e., at
the lexical level) and words within phrases (i.e., at
the phrasal level) as rhythmically or conceptually
salient. We refer to the sources of lexical and phrasal
prominence as stress and accent respectively.
Duration is one of the main correlates of prominence
(e.g., acoustics: [1, 9, 22]; articulation: [4, 5, 7, 8,
12]): accented syllables are longer than unaccented
stressed syllables, which are in turn longer than
unaccented unstressed syllables (see [11] for an
overview). However, languages differ in the extent
they use duration to mark prominence. For example,
in Arabic stressed syllables are longer than
unstressed, but focus, and thus accent, does not
further affect the duration of the stressed syllable
[9]. Similarly, stressed syllables in Greek present
longer articulatory movements than unstressed

850

example stimulus is shown in (1) (see [15, 16] for
the entire list of stimuli):

2. METHODS
2.1. Participants and recording procedure

(1) [ɐnɐziˈtɐs ˈɐkɔpi ˈmɐmimɐ # mɛtɐˈksi mɐθiˈtɔn
ɛˈvɾɛɔs ðʝɐciˈnitɛ]#
Are you looking for raw MAmima? Usually one
can find some among students.

The data from 5 native speakers of standard Greek
(4 female, 1 male; ages 19-31) were analysed.
Participants were naïve to the purpose of the
experiment, reported no speech, hearing or vision
problems, and received financial compensation for
their participation. A training session preceded the
recoding session by 1-3 days in order to familiarize
the participants with the materials and the procedure.
This included learning the meaning of the stimuli’s
made-up words and practicing the required
intonation patterns.
The experimental session used an AG500 threedimensional electromagnetic transduction device
(Carstens Medizinelektronik) to acquire kinematic
data. Receiver coils were attached to the tongue
dorsum, tongue body, tongue tip, upper lip, lower
lip, upper incisor, lower incisor, jaw, left ear, right
ear, and nose. Simultaneous audio recordings were
performed at a sampling rate of 16 kHz.

2.3. Annotation and analysis
The data were first subjected to the TAPADM preprocessing procedure [14] and to prosodic analysis
using GrToBI [2]. Utterances produced with
disfluencies or alternative, not the targeted,
intonational contours were disregarded, resulting in
5-15 tokens per test word in each sentence per
speaker. Next, the formation phase of the test
constrictions were semi-automatically labeled,
employing custom software (Mark Tiede, Haskins
Laboratories), for the following kinematic
timepoints (see Figure 1): onset, peak velocity,
target, constriction maximum and release.
Consonant (C) gestures were also annotated for peak
velocity and offset of the gesture’s release. These
timepoints were not detected for the vowel (V)
gestures, because the release of a V gesture
coincides with the formation of the next one. C
gestures (all labial) were labeled on the lip aperture
tract, and V gestures on the tongue dorsum vertical
displacement tract. Based on these timepoints the
following measures were calculated: 1) formation
duration: the interval between onset and release, and
2) release duration (only for C constrictions): the
interval between release and offset (see Figure 1).

2.2. Experimental design and stimuli
To examine the effect of stress position on the scope
of prominence-induced lengthening, the test words
were stressed on one of the following syllables: 1)
the antepenult (S1), 2) the penult (S2), or 3) the
ultima (S3), covering all possible stress positions in
Greek. In order to reduce any segmental effect, the
made-up words /ˈmɐmimɐ/, /mɐˈmimɐ/, and
/mɐmiˈmɐ/ were used. Two sources of prominence
were examined: stress and accent. To separate stress
from accent, four frame sentences elicited the test
words in accented positions bearing the nuclear pitch
accent, and three in de-accented positions following
the nuclear pitch accent by several words. Accented
test words were not contrastively focused. To assess
the effect of prosodic boundaries, the test words
were phrase-final (IP boundary) in seven of the
frame sentences and phrase-medial (W boundary) in
two. To match the comparisons on accentual status
in phrase-final positions, one W frame sentence
elicited the test words in accented phrase-medial
position, and the other W frame sentence in deaccented phrase-medial position. In total, 243 test
utterances were used (3 test words x 9 sentences x 9
repetitions). All test sentences involved the same
number of syllables, and the same words
immediately
before
(/ˈɐkɔpi/,
‘raw’)
and
immediately after (/mɛtɐˈksi/, ‘among’) the test
word. Seven of the frame sentences needed
contextualizing sentences in order for the
appropriate intonational contour to be elicited. An

Figure 1: The timepoints of constriction gestures.

The scope of prominence was evaluated across
the whole test word (i.e., the C and V gestures of the
first, second and third syllable of the test words,
referred to as C1, C2, C3, V1, V2, and V3
respectively) and the first post-boundary consonant
(referred to as C4). Repeated measures ANOVAs
were performed on the duration of each gesture of
this stretch using R [19]. Stress position (levels: S1,
S2 and S3), accentual status (levels: accented, deaccented) and boundary type (levels: IP, W) were
the fixed factors, and speaker the repeated factor.
Significant effects (α = 0.05) were followed by
pairwise comparisons (α = 0.05) using the
Bonferroni adjustment in cases of multiple
comparisons.
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effects extend both after (see Figure 2a) and before
(see Figure 2c) the stressed syllable respectively. An
interesting exception is C3 release, which is slightly
longer when stress is the furthest away possible as
opposed to neighbouring (S1 > S2, p < 0.05) (see
Figure 2a). As for C2, both its formation and its
release were longer when stress was antepenultimate
as opposed to ultimate (S1 > S3, p < 0.05),
providing evidence for spill-over effects being
stronger than anticipatory effects (see Figure 2b). No
significant comparisons of stress position were
found for unstressed V2 and C4 formations.

3. RESULTS
As Table 1 shows, stress position had a significant
main effect for all test gestures, except for the
release of the post-boundary C4. Interaction effects
between stress position and boundary type were
found for C1 formation (F(2,8) = 7.025, p <0.05),
V2 formation (F(2,8) = 9.428, p < 0.05), C3
formation (F(2,8) = 14.11, p < 0.05), C3 release
(F(2,8) = 12.38, p < 0.05), and C4 formation (F(2,8)
= 6.282, p < 0.05). Accentual status did not
systematically interact with stress position. Two
interaction effects of this type were observed, one on
C2 formation (F(2,8) = 8.64, p < 0.05) and one on
V2 formation (F(2,8) = 4.491, p < 0.05). Finally, an
interaction effect among stress position, accentual
status and boundary type was detected on V3
formation (F(2,8) = 5.749, p < 0.05). In what
follows, the post-hoc comparisons for the main
effect of stress position and its interactions with
boundary type are reported. The other interactions
were not systematic and did not affect the scope of
lengthening, and are thus not discussed further.

Figure 2: Schematic representation of the
durational difference between the members of
stress position comparisons for each gesture.
Light blue (positive) boxes indicate significant
longer durations for the first member of the
comparison (e.g., S1 in S1-S2), and dark red
(negative) boxes indicate significant longer
durations for the second member (e.g. S2 in S1S2). F stands for formation, R for release, and σ
for syllable.

Table 1: The main effects of Distance of Stress
detected by the Repeated Measures ANOVAs. F
stands for formation and R for release.
C1 F
F(2,8) = 14.29, p < 0.05
C1 R
F(2,8) = 16.95, p < 0.05
V1 F
F(2,8) = 34.84, p < 0.05
C2 F
F(2,8) = 42.82, p < 0.05
C2 R
F(2,8) = 7.72, p < 0.05
V2 F
F(2,8) = 27.7, p < 0.05
C3 F
F(2,8) = 18.38, p < 0.05
C3 R
F(2,8) = 12.4, p < 0.05
V3 F
F(2,8) = 26.41, p < 0.05
C4 F
F(2,8) = 15.63, p < 0.05

Table 2: The mean duration (in ms) followed by
standard deviation within parentheses for each
test constriction gesture per stress condition. F
stands for formation and R for release.

Figure 2 schematically represents the distribution
of prominence-induced lengthening based on the
post-hoc pairwise comparisons, illustrating how the
scope of the effect varies with stress position. The
post-hoc pairwise comparisons (see Table 2 for
mean durations) showed that when a syllable is
stressed, its gestures are longer than when the same
syllable is unstressed (p < 0.05 for all comparisons).
The only exception is C3 formation, which is not
longer when the stress is on its syllable (S3) as
opposed to one syllable earlier (S2) (p < 0.05),
presumably due to spill-over effects of penultimate
(S2) stress.
What is of special interest here is the finer
distinctions detected between unstressed syllables.
Gestures of the first and final syllable were longer
when the stress was on the immediately adjacent
syllable than on the syllable two syllables away (p <
0.05 for all comparisons), indicating that stress

C1 F
C1 R
V1 F
C2 F
C2 R
V2 F
C3 F
C3 R
V3 F
C4 F
C4 R

S1
101.59 (18.90)
65.88 (14.26)
172.38 (28.44)
85.12 (12.77)
44.81 (13.95)
148.18 (22.14)
75.36 (16.77)
80.62 (22.59)
153.86 (32.55)
102.97 (54.15)
90.29 (31.04)

S2
85.41 (22.04)
48.37 (10.54)
135.37 (23.60)
90.54 (17.59)
58.72 (12.58)
180.62 (33.70)
95.02 (15.95)
76.82 (20.76)
169.35 (34.10)
100.97 (40.74)
88.91 (30.09)

S3
80.16 (21.31)
43.52 (7.93)
109.27 (17.42)
64.65 (14.01)
41.75 (16.28)
148.11 (19.98)
92.91 (20.15)
86.51 (18.23)
188.09 (31.92)
107.04 (41.05)
88.87 (28.85)

The analysis on the interaction of stress position
with boundary type was also revealing, showing that
lengthening crosses word boundaries, regardless of
source of prominence. As Figure 3 illustrates, in the
word (W) boundary condition, the first postboundary C gesture (C4) has a longer formation
phase when the stress of the preceding word is
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ultimate (S3; mean 86.31 ms, SD: 25.33 ms) as
opposed to either antepenultimate (S1; mean: 67.72
ms, SD: 21.16 ms) or penultimate (S2; mean: 73.39
ms; SD: 27.95 ms) (p < 0.05 for both comparisons).
The effect does not hold if C4 follows an IP
boundary.

4. DISCUSSION
Our findings indicate that the scope of prominenceinduced lengthening extends over a continuous
stretch of speech (see Figures 2 and 3). This
contrasts with [10], which found that contrastive
accent in Standard Scottish English affected not a
continuous stretch of speech, but instead, multiple
domains, including the stressed syllable, the rhyme
of the following syllable, the word-final syllable,
and the word-initial segment. This contrast could be
due to a cross-linguistic difference: Greek and
Standard Scottish English might employ different
mechanisms for marking prominence. Alternatively,
this contrast might reflect two different levels in the
hierarchy of prominence, with contrastive accent
being a higher level than non-contrastive accent (cf.
[18]). If this is the case, contrastive accent is related
to longer durations [18] and affects a larger stretch
of speech to highlight the prominent syllable but
also demarcate the edges of the prominent word, as
proposed in [10]. Note though that lengthening here
crosses word boundaries when the stress is ultimate
(see also [22, 23]).
In addition, our results indicate that in Greek,
stress and non-contrastive accent do not affect the
scope of lengthening differently. In parallel, the
magnitude of lengthening in Greek has been found
to be similar between stress and non-contrastive
accent [17]. These findings are taken to suggest that
in Greek, like in Arabic [9], prominence-induced
lengthening is not cumulative (i.e., increasing with
higher degrees of prominence). Instead, lexical
stress modulates the supra-laryngeal, kinematic
duration of gestures, while non-contrastive accent is
marked by a pitch accent on the stressed syllable [2].
Based on the conclusions of the last two paragraphs,
it remains to be seen whether magnitude and scope
of prominence-induced lengthening are further
controlled by focus structure, by examining all focus
types, including contrastive focus (cf. [18]).
Although the exact scope of the prominenceinduced lengthening varies with stress position, it
can be concluded that it begins before and ends after
the stressed syllable. The terms anticipatory and
spill-over have been used to capture lengthening
before and after the stressed syllable respectively,
implying that these are automatic reflexes of the
production of stress on the stressed syllable.
However, it is unclear whether these effects are
indeed automatic reflexes or planned. Certainly,
lengthening is the strongest on the V gesture of the
stressed syllable and decreasing with distance from
it, as illustrated in Figures 2 and 3, and spill-over
effects are stronger than anticipatory effects,
supporting the automatic reflexes account.

Figure 3: Schematic representation of the
durational difference between the members of
stress position comparisons for each gesture in W
and IP boundary respectively. Light blue
(positive) boxes indicate longer durations for the
first member of the comparison, and dark red
(negative) boxes longer durations for the second
member. F stands for formation, R for release,
and σ for syllable.

Additional interactions between stress position
and boundary type were observed pre-boundary. C1
formation is longer in S2 (mean: 85.45 ms, SD:
21.08 ms) as compared to S3 (mean: 79.56 ms, SD:
21.33 ms) phrase-finally (IP) (p < 0.05), but not
phrase-medially (W). V2 formation is longer in S3
(mean: 149.78 ms, SD: 17.99 ms) as compared to S1
(mean: 139.36 ms, SD: 22.32 ms) when the word is
phrase-medial (W) (p < 0.05). Phrase-finally, this
effect disappears. Finally, in C3 formation,
lengthening presents different direction between the
two boundary types. In W, C3 formation is longer
when stress is ultimate (S3; mean: 93.64 ms, SD:
19.67 ms) as compared to penultimate (S2; mean:
84.54 ms, SD: 13.48 ms) (p < 0.05), whereas in IP,
the opposite is true (S2 > S3, p < 0.05; S2 mean:
98.02 ms, S2 SD: 15.34 ms; S3 mean: 92.67 ms, S3
SD: 20.33 ms).
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STANDARD CROATIAN PITCH ACCENT: FACT AND FICTION
Elenmari Pletikos Olof and Julian Bradfield
University of Zagreb and University of Edinburgh
epletiko@ffzg.hr, jcb@inf.ed.ac.uk

accented syllable, but not before. Conflating vowel
length with tone is traditional – phonologically it
would be usual to view length as a segmental quality, and talk about two accents. However, given the
long tradition, and the prescriptive classification, the
analysis here is in terms of four accents.
The four tones and other long vowels are marked
in Croatian-published dictionaries, both monolingual and bilingual, but not in usual orthography.
They are also not marked in school texts, though
children are taught about them around age 12–13.
The four-accent system is characteristic of most
Štokavian dialects, covering 40–50% of Croatians,
particularly in Dalmatia and Slavonia. The similarly populous Kajkavian dialects include that of the
capital, Zagreb, which has a simple dynamic stress
accent: as in English, the accent is marked by increased intensity, pitch and duration. Zagreb has
also lost distinctive vowel length. The small Čakavian dialects are traditionally described with a different three accent system, often including an ‘acute’
[14] single syllable rising tone.
Because of the high prestige of the standard, there
is a practice of teaching newsreaders, actors, teachers, etc. to speak it. Speaking the standard involves
using the four-accent system with post-accentual
length.
However, in practice acquiring the accent system
is difficult save for those who have it natively; and
the political importance of the capital region results
in a strong influence of its native (Kajkavian, dynamic accent) dialect on acceptability judgements.
Hence ‘standard Croatian’ as it is actually spoken
and accepted varies considerably from the normative
prescription. This paper presents acoustic data on the
realization of accent in speakers intending to speak
standard Croatian.

ABSTRACT
Standard Croatian is a normatively described highprestige dialect, which most Croatians in public life
attempt to acquire, and which is taught in schools. It
has four pitch accents, long/short rising/falling. We
present acoustic and perceptual analyses of data from
a wide range of speakers from different dialect backgrounds, showing that even for those with closely
related native dialects with four accents, the established descriptions do not match productions – for
example, rising tones do not rise, and the moraic
tonal structure does not agree. There is a wide range
of accentuation from a tonal system with four pitchaccents to a stress/dynamic system with one accent
wich is a short stressed.
Keywords: pitch accent, tone, acoustics, Croatian,
word prosody
1. INTRODUCTION
‘Croatian’ is a group of South Slavic dialects spoken across present-day Croatia. The wider group
is called Serbo-croatian, Bosnian-Croatian-Serbian,
etc., and language definitions are politically contentious. A distinctive feature of much of this dialect
continuum is the use of pitch accents, documented
for some five centuries.
Croatian and Serbian have very similar (but not
identical) normative standard dialects, established in
the late 19th century, and based on a dialect of Eastern Herzegovina, which had a four-accent system,
first described by Starčević in 1812. The modern
names, phonetic descriptions (following [5]), and
dictionary notations of the accents are: short falling
(SF), high tone on initial short stressed syllable and
low elsewhere ([dɔ́bar] dȍbar ‘good’); short rising
(SR), high tone on short stressed syllable and the following syllable ([dánás] dànas ‘today’); long falling
(LF), falling tone on long stressed syllable ([dîːvan]
dîvan ‘pretty’); long rising (LR), high tone on long
stressed syllable continuing high into the following
syllable ([dúːʃá] dúša ‘soul’). The high tone on the
post-accentual syllable has long been recognized as
a key part of ‘rising’ accents. In the standard, long
vowels can also occur (lexically) anywhere after the

2. PREVIOUS WORK
[5] described the four pitch accents in Novi Sad
Serbian (13 speakers) thus: accented syllables are
lengthened; the main difference between F and R
accents is in pitch, while intensity is redundant; the
terms ‘falling’ and ‘rising’ do not match phonetic realization of tonal contours – both F and R accents
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can have a rising pitch in the stressed syllable; the
main cue for distinguishing F and R is the higher
pitch in the post-accentual syllable of R accents; and
sentence intonation can influence the pitch enough
to neutralize lexical accent differences.
[6] analysed recordings of three pitch-accent
speakers of standard Croatian (radio announcer, actor and phonetician) and concluded that the main difference from [5]’s description was that the contour in
the accented syllable of F accents is mostly declining, and in R accents is mostly flat, and that the pitch
of the postaccentual syllable in R accents is the same
as in the accented syllables rather than higher.
[11] analysed productions by 3 Zagreb Croatian
and 3 Belgrade Serbian speakers. Belgrade speakers
distinguished duration and tone giving four lexical
pitch accents, while Zagreb speakers did not have
tone, and distinguished length only for some speakers when in narrow focus. For Belgrade speakers
late tonal alignment is a cue for R accents, and thus
the lexical difference, while for Zagreb speakers it
can be a cue for pragmatic conditions and for broad
focus or sentence-initial focus, with early alignment
for narrow focus and final focus.
[7] conducted a similar study to ours, with a sample of 20 speakers. The results were consistent with
our results, though perhaps owing to experimental
conditions all vowels were somewhat longer. There
was no dialectal analysis of the speakers.
Previous analyses had small sample sizes, and either chose one dialect, or did not distinguish speakers
within ‘standard’. [4] argues that the Croatian ‘standard’ is ‘unattainable’ by most Kajkavian speakers,
and studies (by his own perceptual evaluation of
16 TV interviews) the accommodations (e.g. stress
shift) made by Zagreb speakers ‘speaking standard’.
Standard Croatian accents are taught in elementary schools at age 12–13 [2], which is too late for
critical period acquisition. Children with (regional
or parental) Štokavian exposure are better at production, but not at perception and recognition [9].
The data and analyses presented here were originally undertaken in the first author’s doctoral dissertation [8], but not published. We have reviewed and
revised the analyses for publication here.

Data is from 89 Croatian speakers, from all regions
and all major cities. Most were young females, reflecting the student population. Most had some education in linguistics, phonetics or Croatian studies,
with about one fifth from other subjects. Speakers self-evaluated their dialect background using the
generally known division of Što-, Kaj- and Čakavian. After adjusting for their main residence, six
speakers were mainly Čakavian, with the rest almost
equally divided between Što- and Kajkavian.
The task was to read, in ‘standard Croatian’, sentences with exemplars of the four standard accents,
with and without post-accentual length. The 41 test
words were common, disyllabic with initial accent,
and mostly with an open accented syllable. They
were balanced in the accented vowel (/a e i o u/; vocalic /r/ was not included). They were also balanced
for onset consonant manners of articulation. They
were presented in orthography, underlined in a frame
thus: Reci dobar sada (say ‘dobar’ now). Speakers
were to read as if in a formal public setting such as
TV or radio. They were not aware that the topic was
accents. Sessions were recorded at 44.1kHz/16bits
with standard equipment in an acoustic studio.
Tokens were presented (without the frame) to a
panel of four expert accentologists for perceptual
evaluation, who classified them as one of the four
standard accents, or as ‘other’ with a description.
After classifying tokens, evaluators assigned each
speaker to one of the three dialects, or to unclear,
with a Likert scale from clearly dialectal to standard. This classification had generally good agreement with the information from self-assessment and
biography.
Acoustic analysis was done in Praat [1]. The accentual and post-accentual nuclei were measured for
duration, and for intensity and F0 at each tenth of
the vowel duration. F0 data was normalized relative
to each token’s baseline and expressed in semitones.
Statistical analysis (with SPSS) is mostly one-way
ANOVA to test for differences between groups of
data.

3. RESEARCH QUESTION

5. RESULTS

The original hypothesis for which the data was gathered was to test the claim of [10] that modern Standard Croatian has only three accents. Following initial results, the question was broadened to investigate
what is the distribution of accent systems in standard
Croatian.

For clarity, we use the terms ‘LR-tokens, R-tokens,
rising-tokens’ etc. to mean ‘tokens of words that are
normatively LR, have a rising accent’, etc. ‘Tonic’
means ‘normatively accented syllable’, and ‘posttonic’ means the following syllable. We omit here
data for and discussion of post-accentual length.

4. METHODOLOGY
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5.1. Overall perceptual analysis by evaluators

Figure 1: Accent productions by speaker group
Long Falling
Pitch/octave

Owing to the speakers who did not in fact have the
pitch accent system, the evaluators (who were listening for ‘standard’ accents) heard more (121%) ‘short
falling’ than just the SF-tokens, as SF is similar to
the dynamic stress accent: a slightly lengthened,
raised-pitch stressed syllable. Correspondingly,
short rising is heavily under-represented at 39% of
the number of SR-tokens, as the SR tune of two high
pitches is not found in dynamic accents. Likewise
51% for long rising, and 61% for long falling.
Around a quarter of tokens were not labelled in the
four accent system, being described as half-long,
stress, long stress, flat or mixes thereof.
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5.2. Analysis into accent groups

Following token classification, the first author analysed each speaker for the number of distinct accents
they produced. Of the 89 speakers, 36 had a clear
four-accent system (the T(onal) group), 30 speakers
appeared to have a dynamic accent (the D(ynamic)
group), and 23 appeared to be transitional, with two
or three accents, always neutralizing the SF/SR distinction (the D/T group). (The three-accent system
was claimed by [10] to be the current standard, and
he named it ‘Croatian Received Pronunciation’.)
Of the 36 T speakers, 7 were heard as Dalmatian,
20 as Slavonian, and 9 from elsewhere or unclear.
Of the 30 D speakers, only 4 had the Zagreb region
system of pure dynamic accent and no length distinction, of whom 3 were from Zagreb. 15 speakers
from a range of cities including Zagreb had a clear
L/S distinction, but no R/F distinction, and are heard
as dynamic accent speakers with a length contrast.
11 speakers were indeterminate.
The most interesting group is the 23 transitional
speakers, who came from all three major dialects.
7 geographically distributed speakers had a clear 3accent system, where SR is merged into SF, but
the LR/LF distinction is robust. The remaining 16
speakers had a clear L/S distinction, but a LR/LF
distinction that was sporadically realized. Moreover,
the LR realization is not quite the standard Štokavian
accent, but more dynamic than tonal.

0
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ference between groups is the clear rising accent in
T speakers. However, statistical analysis gives a
slightly more nuanced picture.
The T speakers all had the greatest length contrast,
averaging 161ms for LF-tokens and 150ms for LR
versus 110ms for SF/SR. S-tokens were similar in
length for all speakers. For L-tokens, D speakers averaged 140/133ms for LF/LR, but this includes the 4
speakers without a length distinction; nonetheless, D
speakers with length have significantly shorter vowels than T speakers. The D/T speakers were exactly
intermediate in length on average, but this appears to
be due to sporadic realization of length rather than
shorter long vowels. For both the T and D/T speakers, the 10ms difference between LF and LR lengths
is significant at p < 0.001. For all speakers and accents, the post-tonic vowel is much shorter, at 70ms.
For the T speakers, the post-tonic is slightly but sig-

5.3. Acoustic analysis

An overview of the acoustics is given in Figure 1.
This displays the average pitch contours for the four
normative accents, as realized by each of the three
groups, i.e. the solid line for LR is the average contour over all LR-tokens pronounced by T speakers.
‘Eyeball analysis’ suggests that the only large dif-
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nificantly (p < 0.001) longer for R than for F: 10ms
longer for SR, 5ms for LR. For D speakers, this effect is smaller (3ms) and barely reaches significance
(p = 0.05); and D/T are intermediate.
Turning to the tonal aspect, the T speakers show
three different contour patterns: SR and LR have the
same shape, differing only in length, whereas the
LF falls more on the tonic than the SF does. As
expected, D speakers have no distinctions of tonal
contour. The D/T speakers display a reduced version of the T pattern, in which the LF has a steeper
fall, but LR/SR/SF are not significantly distinguishable in contour. The pitch of the post-tonic varies
more (2–3 semitones SD) than the tonic (less than
1 semitone). Post-hoc statistics of dependent variables such as tonal range of the tonic vowel agree,
with the difference between SR and LR ranges being only borderline significant at p = 0.051, while
other differences are highly significant (p < 0.001).
On the other hand, the ratio of the average post-tonic
pitch to the average tonic pitch significantly distinguishes between LR, SR, and F, even though the absolute LR/SR difference is small.
A notable feature of the acoustic data is that the R
tonics are not only not rising, they are even slightly
falling: in the 5-level notation, the R tones are
roughly 55.53, SF is 54.21, and LF is 52.11. Previously R tonics have been observed to be barely rising
or slightly circumflex ([5, 3]), though [13, 12] report
some Serbian speakers with slightly falling R tonics.
For intensity (not graphed), in most cases the posttonic is about 7dB quieter than the tonic, but for T
speakers it is only 3dB quieter in the R accents, a
significant difference.
Despite the clear difference between T and D
speakers, one may ask whether the ‘standard Croatian population’ as a whole displays enough differentiation to sustain four accents. The T speakers do
indeed have enough representation (40–50% of both
sample and general population) that an overall average displays the highly significant differences found
in the T speakers, albeit with a smaller effect size.

Croatian“, as defined by [10], is that the three-accent
system is widespread, and consists of SF, LF, LR.
Our results confirm the existence of three-accent patterns in transitional D/T systems, but it is not the
widest spread, and in words where the standard prescribes the LR, D/T systems have a long accented
sillable with a low tone on post-tonic, which is not a
LR as in the tonal system, but a long stressed syllable
we may call ‘dynamic long’. Dynamic long has the
same tonal pattern (H.L) as short falling, but it has a
long stressed syllable with a flat high tone.
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6. CONCLUSION
On a substantial sample, we have shown that contemporary ‘standard Croatian’ still has (contra [10])
a robust four-pitch-accent system for about a third of
its speakers, while another third use a stress accent,
and a sizable intermediate population uses a mixed
system with two accents similar to the dynamic long
and short, plus a distinctive long falling accent taken
from the tonal system.
The most controversial statement about „standard
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ABSTRACT

visually, e.g., by non-rigid face motion and rigid head
motion.
In this study, we chose to chiefly investigate visual
prosodic attitudes. We did so partly because studies
of visual prosodic expression are scarce, but also
because we believe that there are interesting
unexplored issues concerning the consistency and
reliability of such visual signals.
Early speculation that the auditory expression of
attitudes is likely to vary across individuals and be
context dependent [2] appears not to have been borne
out by research. For example, based on the results
from a production study of four talkers producing
single word (or nonword) utterances that expressed
six different prosody attitudes, it was argued that the
prosodic forms associated with attitude expression
are highly conventionalized and stable across
individuals and can be realized without context [3].
This argument was based on finding that the different
attitudes could be clearly distinguished by the pattern
of their prosodic features as indicated by discriminant
analyses used to predict attitude class.
Although this may be the case for auditory
prosodic attitudes, no similar study has been carried
out for visual prosody. Why might the expression of
auditory and visual prosodic attitudes be different?
This idea comes from a proposal by [4;5] that there is
a difference in the degree that auditory and visual
information is distinctive for attitudes that express a
proposition content (e.g., irony, incredulity, etc), and
those that express more social attitudes, i.e., those that
make references to interpersonal relations, (e.g.,
politeness, arrogance, etc.). Here, it is claimed that
auditory information plays a more important role in
the expression of propositional attitudes (more
connected with linguistic function), whereas visual
information is more crucial for the expression of
social attitudes.
The proposal that the visually expressed prosodic
attitudes may be less robust than their auditory
counterparts (at least for non-social attitudes)
illustrates the importance of determining the extent of
variation in the production and perception of these
expressions. To this end, the current study examined
the consistency across individuals and sessions of the
visual expression of different prosodic attitudes.
To do this, we videoed ten people (far more than
other studies) who each intentionally produced the

A talker can communicate different attitudes
simply by changing how an utterance is expressed
rather than by what is said. Typically, such changes
in prosody have been investigated by measuring vocal
properties; here we examined the expression of
different attitudes by measuring changes in visual
ones (Facial Action Units and head motion). Using
multinomial logistic regression and a recognition
experiment, we determined the extent to which
different attitudes can be discriminated, and the
variability of expressions within and across
production sessions. Ten talkers expressed six
attitudes,
“warning”,
“criticism”,
“doubt”,
“suggestion”, “longing”, “neutral” in four withinsession trials across four different day sessions.
Face/head motion was tracked using a Constrained
Local Neural Field model on 2D movies. The
regression models and recognition experiment
showed that attitudes were discriminable; with some
better discriminated than others and some talkers
much clearer than others. Within-talker productions
were more consistent, both within and across
sessions.
Keywords: Visual prosody; prosodic attitudes;
expressive speech.
1. INTRODUCTION
In addition to symbolic content, speech can convey
expressive information about such things as a talker’s
emotions and attitudes. Understanding how speech
conveys such expressive information is important for
ultimately deciphering what a speaker means [1]. In
this study, we investigated how talkers intentionally
express attitudes, for example, how a talker may
express that she is surprised, or doubtful.
Typically research on how attitudes are expressed
has taken an auditory perspective, examining change
in three basic prosodic properties: speech timing,
amplitude and fundamental frequency. Whereas
change in fundamental frequency relates only to
auditory speech, timing and amplitude can apply also
to change in visual properties that are transmitted by
talkers. That is, when speakers can see each other,
expressive speech information can be conveyed
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word ‘beer’ in six different attitudes (those used in [3;
6]), over four within-session trials across four
different sessions (ran at least one day apart). From
each frame of the captured videos we extracted face
and head motion features (see Method). We then used
a multinomial logistic regression model to determine,
for each person, how well these features could be
used to classify the different attitudes. To examine
how consistent a person’s attitude productions were,
we trained a regression model on the data from the
first two sessions and used it to classify the data from
the last two sessions. To determine whether people
used a similar pattern of features to signal the
different prosodic attitudes we determined whether
there was a loss of fit (more errors) when logistic
regression was applied to the data from all
participants compared to individual fitted models.
A follow-up perception experiment (using the
productions of three talkers) tested how discriminable
the different prosodic attitudes were for visual only;
auditory only; and auditory-visual presentations.

2.2.2. Production procedure
Each talker was recorded individually. Talkers were
seated in a quiet room with the camera positioned
directly in front at face level and at approximately 0.6
metres distance. In the test session, image acquisition
was controlled by an operator in a separate control
room who ensured that the participants looked at the
camera throughout the capture performance. The
different prosodic attitudes were elicited using the
same procedure as [3, 6]. That is, to elicit the prosodic
attitudes the speaker was presented with and required
to read short scenarios that described a situation in
which she/he interacted with an interlocutor. For each
new prosodic attitude, the speaker said aloud an initial
sentence of the relevant scenario and was encouraged
to freely vocalize until she/he felt ready to begin
saying the test word. In each session this word was
said four times in each prosodic attitude. Each
speaker participated in four sessions that took place at
least one day apart.
2.2.3. Image processing

2. METHOD

The quantification of speech related face and head
movements was carried out by analysing each of the
captured videos (that were segmented to show just the
production of the key spoken word ‘beer’) using a
state-of-the-art program, ‘openface’ designed for
continuous head pose estimation and facial action unit
recognition [7].
This program uses a Constrained Local Neural
Field [8] for facial landmark detection and face
tracking. Face appearance features are obtained by
extracting Histograms of Oriented Gradients. The
model accurately detects facial action units [9] by
being trained on seven public face-expression
databases using support vector machines and support
vector regression for the facial action unit intensity
estimate. Facial action units are quantified in the
output of the model for presence intensity.

2.1. Participants

2.1.1. Production experiment
Five female and five male native speakers of
Australian English were paid a small amount to take
part in the production experiment (mean age 25.8
years, range 22-28). Participants were non-actors as
actor renditions may be less representative of typical
language use.
2.1.2. Perception experiment
Twenty-two participants (first year students from
Western Sydney University) took part in the
perception experiment for course credit.
2.2. Production experiment

2.2.4. Image features and quantification

Color Image sequences were captured at 24 fps (640
x 480, VGA) using a Carmine 1.09 camera. In
addition, 3D face and head data were captured from
the IR sensor of the Carmine close-range sensor
(0.35m - 1.4m). This latter data was only used in the
current experiment to check the adequacy of the 2D
data capture (which proved accurate).

The openface program outputs 18 facial action units
and provides a binary decision on whether the action
unit was present or not and how intense is the action
unit was (minimal to maximal). In order to quantify
the presence of action units in each video token, we
calculated the proportion of frames that the action
unit was active. To quantify the intensity of the active
facial units, we used the average intensity of non-zero
(i.e., active) frames. Therefore, for each video, 36
features were produced. In addition to facial action
units, we also used head-pose change measures.
Openpose produces six indices of head motion, three
translation measures in the x, y, z axes, and three

2.2.1. Production materials
The ten speakers expressed the spoken word “beer”
using six different attitudes: criticism, doubt,
suggestion, warning, wishful and neutral naming.
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measures of head rotation, i.e., pitch (Rx, glossed as
head nodding), yaw (Ry, glossed as head shaking),
and roll (Rz, glossed as the head ‘maybe’ gesture).

performance of about 5% (although the level of
improvement varied considerably). Table 1 also
shows the results from training a regression model on
data from a talker’s first two sessions to predict
classification in the last two sessions.

2.2.5. Production analysis
To quantify how well prosodic attitudes could be
discriminated using the above features, we used
multinomial logistic regression (with ridge estimators
[10]) and used 10-fold cross-validation (CV) for
individuals and for the group data. We also
constructed a multilayer perceptron (MLP) that had a
10-unit hidden layer (5000 trials for training and a
learning rate of 0.3 and momentum of 0.2) to
investigate whether a non-linear decision boundary
improved the model (again with 10-fold CV). As
mentioned above a trained regression model was used
to determine how consistent a person was in
producing prosodic attitudes.

Table 1: The left column shows results of the 10fold cross-validated logistic regression analysis
classifying the six prosodic attitudes from visual
features for each of the 10 talkers; centre column
shows results of the multilayer perceptron; the right
column shows the results of the predicting the data
of the last two sessions (% correct).
Talker
T1
T2
T3
T4
T5
T6
T7
T8
T9
T10

2.3. Perception experiment

2.3.1. Materials
The stimuli for the perception experiment consisted
of the videos recorded from the production study. In
order to keep the length of the experiment
manageable, tokens from only three talkers were
used. These stimuli consisted of tokens from the five
prosodic attitudes (plus the neutral condition). Also,
one token from each of a talkers four sessions was
used with three presentation conditions, Audio-Only
(AO), Visual-Only (VO) and Audio-Visual (AV),
making a total of 180 trials in all.

Log Reg
89.5
78.1
71.9
59.4
56.3
54.2
50.0
49.0
40.6
36.4

MLP
94.8
82.3
79.2
66.7
60.4
69.8
55.2
50.0
57.3
36.4

Prediction
87.5
68.8
66.7
68.8
64.6
58.3
30.0
37.5
31.3
41.7

Figure 1 shows a confusion matrix generated by
averaging each individual talker’s confusion matrix
as generated by the regression analysis. Neutral and
warning were classified best; followed by doubt and
longing; with suggest and criticism the poorest.
Figure 1: Confusion matrix based on the individual
talker’s regression analyses. The vertical gloss
represents the attitude label and the horizontal one
the classification result

2.3.2. Procedure
Participants were tested individually in a soundattenuated booth. The videos were presented using
the DMDX display software [11]. Trials were
blocked by talker and the talker neutral naming video
was presented at the beginning of the block for the
purpose of providing a talker-specific calibration.
3. RESULTS
3.1. Production

Table 1 shows the results of the 10-fold crossvalidated logistic regression analysis to classify the
six prosodic attitudes from visual features for each of
the 10 talkers (% correct).
As can be seen, correct classification rates differed
considerably across talkers (ranging from 89.5%
correct to 36.4% correct). The table also shows the
results for the multilayer perceptron. As can be seen,
there was a general improvement in classification

The average percent correct classification of each
individually calculated regression analysis was
58.5%. If the regression analysis was calculated on
the entire dataset at once, the performance declined to
48.1%, indicating that different talkers likely used
different features in their productions.
To explore the feature sets used by each talker, we
used logistic regression (5-fold CV) to select that top
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ten features that best predicted the prosodic attitudes.
Across all 10 talkers, 23 features were common in the
set of top 10 features. The most common features
consisted of a mix of face and head motion (e.g.,
Brow lowering; nodding; Cheek raising, head motion
towards/away from the camera). The three talkers for
whose data the regression analysis gave the best
results had about half of the same features in their top
10. For the three talkers where the regression analysis
gave the worst results, only a quarter of features were
shared. This suggests that their use of features to
convey the attitudes was somewhat idiosyncratic.

Table 2: Mean percent correct VO attitude
recognition scores (SE) for the perception
experiment and correct classification scores for
comparison
Attitude
Criticism
Doubt
Longing
Suggest
Warning

Perception
51.9 (4.5)
52.3 (3.7)
56.8 (4.4)
58.0 (3.2)
63.6 (4.4)

Regression
50.0
58.1
56.9
50.6
64.4

The GLMM analysis on the perception data (using
the multcomp package, Tukey) indicated that the
only statistically significant differences were
between warning and criticism (z-value = 2.931, p
= 0.028) and warning and doubt (z-value = 2.829,
p = 0.039).

3.2. Perception

Figure 2 shows the mean percent correct attitude
recognition for the Visual Only display condition as a
function of the production of the three talkers.
Figure 2: Percent correct mean attitude recognition
as a function of Talker (mean = large circles,
whiskers = SD), VO display.

Table 3. shows the percent correct recognition
rates for the VO, AO and AV presentation
conditions as a function of expressed attitude.
Table 3: Mean percent correct for VO, AO and AV
attitude recognition scores (SE)

Condition

%Correct

SE

VO
AO
AV

56.6
48.5
67.7

2.1
2.4
2.2

The GLMM analysis on the perception data (using
the multcomp package, Tukey) showed that there
was a statistically significant difference between
all conditions (VO vs. AO, z-value = 4.258, p <
001; VO vs. AV, z-value = 6.103, p < 001; AO Vs.
AV, z-value = 10.239, p < 001).

Correct scores as function of Talker were analysed
using a Generalized Linear Mixed Model (using the
R lmer package [12]) with random slopes for
participants and items; comparison between
conditions (Talkers) was conducted using the
multcomp package, Tukey contrasts [13]. The
analysis indicated that there were significant
differences in recognizing the attitudes expressed by
each of the three talkers, Talker 1 vs. Talker 6, z-value
= 9.776, p < 0.001; Talker 1 vs. Talker 8, z-value =
6.471, p < 0.001 and Talker 6 vs. Talker 8, z-value =
3.643, p < 0.001. It is of interest to note that the
pattern of these differences between the Talkers is
similar to that shown by the regression analysis.
Table 3 shows the percent correct recognition
rates (VO condition) as a function of expressed
attitude (note that neutral naming was used as
calibration items and so were not tested).
As can be seen in the table, performance was best
for the expression of warning and worst for the
expression of criticism (the same best and worst
scores occurred in the classification results).

4. DISCUSSION
The regression results showed that the different
prosodic attitudes could be classified from visual
features at a rate far better than chance (i.e., average
individual scores 57.5% vs 16.7%). Unlike [3] the
overall classification was far from ceiling (for [3]
classification was 92% correct) and varied over
talkers. This suggests that the visual prosodic signal
may be more variable than the auditory one; although
the perception results, where VO was higher than AO
recognition, seems problematic for this interpretation.
The AV recognitions results indicate that multimodal
presentation was best; our future work will use
classification analysis on both visual and auditory
signals of attitude.
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ABSTRACT

the rotation of the cricoid cartilage to shorten vocal
folds. A similar interaction between pitch production
and spinal curvature was also noted in [7]. These
subtle changes in spinal morphology in different fo
ranges suggest an active manipulation of the cervical
spine in pitch adjustment [4].
Although previous studies have established that
the shape and movement of the cervical spine plays a
key role in controlling fo, variations in spinal shape
remain largely unknown. Honda et al. [4] discuss
some inconsistencies in a previous investigation [3]
arising from the different degrees of lordosis amongst
subjects. We explore further here the question of
whether inter-individual variation in spinal
morphology has an effect on cervical adjustments
during pitch production tasks.

The anterior lordosis of the cervical spine is thought
to contribute to pitch (fo) production by influencing
cricoid rotation as a function of larynx height. This
study examines the matter of inter-individual
variation in cervical spine shape and whether this has
an influence on how fo is produced along increasing
or decreasing scales, using the ArtiVarK dataset,
which contains real-time MRI pitch production data.
We find that the cervical spine actively participates in
fo production, but the amount of displacement
depends on individual shape. In general, anterior
spine motion (tending toward cervical lordosis)
occurs for low fo, while posterior movement (tending
towards cervical kyphosis) occurs for high fo.

2. METHODS

Keywords: pitch production, cervical spine, larynx
height, MRI, ArtiVarK.

2.1. The ArtiVarK study

1. INTRODUCTION

This study makes use of the ArtiVarK dataset (ethics
approval 45659.091.14, 1 June 2015, Donders
Institute for Brain, Cognition and Behaviour
[DIBCB], Nijmegen), a large multi-ethnic sample (n
= 90; 35 female; broad ethnic groups are ‘Chinese’
(C), ‘North Indian’ (NI), ‘South Indian’ (SI), and
‘Dutch’) of anatomical and speech production data. It
includes
high-resolution
intraoral
(threedimensional) optical scans, magnetic resonance
imaging (MRI) featuring structural anatomical scans
and static and dynamic (‘real-time’) articulatory
scans, and audio data collected during a phonetic
training phase (used to elicit a wide range of familiar
sounds, give training for several ‘new’ sounds, and
provide preparation for MRI scanning) and during the
real-time MRI (rtMRI) scans. Note that only a subset
(n = 80) participated in the MRI component.
Here we only discuss details of the ArtiVarK
methodology (see [1]) relevant here. Among various
other tasks, participants carried out a pitch task in
which they produced sequences of [afa] said at
incrementally increasing or decreasing pitch along a
7- step scale. Participants were told they would hear
several series of (decreasing or increasing) guide

The role of the cervical spine in pitch (or fundamental
frequency, fo) production has been the subject of
interest in several articulatory studies (e.g. [3, 4, 13]).
In particular, the anterior curvature or lordosis of the
cervical spine evidently [4] causes rotation of the
cricoid cartilage as the larynx moves downwards,
which contributes to pitch production by reducing
tension on the vocal folds without concomitant
intrinsic build-up of tension (as would occur under
thyroarytenoid muscle contraction). The problem is
that there is variation in spinal curvature [5], so it is
unclear how individual anatomical variation
influences this mechanism of pitch control.
In [4], the vertical movement of the larynx along
the cervical spine was observed to facilitate the
rotation of the cricoid cartilage, an important
mechanism in changing vocal fold tension.
Additionally, MRI data from this study shows that the
lordosis of the cervical spine appeared to be less
pronounced during the production of higher pitches—
a slight kyphosis appeared to aid in backward rotation
of the cricoid cartilage. Conversely, spinal lordosis
appears to be enhanced in low fo ranges, facilitating
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tones (sine wave tones ranging, in 30 Hz increments,
between 100 Hz and 270 Hz) and instructed to follow
each sequence to the best of their ability (no
assessment was given on how well they performed).
Note that given the very wide ethnic sample, the
guide tones were uniform across all participants with
no accommodation to the expected ranges of males
and females; increments were made in Hz for
simplicity. During the phonetic training phase,
participants practiced two descending and two
ascending sequences. During the MRI scanning
phase, participants performed each pitch direction
only once. Scanning was conducted on a 1.5T MRI
system (Avanto, Siemens Healthcare) at the DIBCB
(in the Donders Centre for Cognitive Neuroimaging
or DCCN). The sequence was a Siemens’ 2D single
sagittal slice true fast imaging with steady state
precession (“true FISP”; acquisition time = 15 s,
frame rate = 6.67 fps, TE = 1.09 ms, TR = 148.48 ms,
flip angle = 49°, slice thickness = 5 mm, field of view
= 160 mm × 160 mm, voxel size = 2.0 mm × 2.0 mm
× 2.0 mm). Because of the low frame rate,
participants were told to produce the sequence
slowly. Sound was recorded using a FORMI-III
(Optoacoustics
Ltd.)
dual-channel
optical
microphone system with noise cancelling (and was
later Wiener filtered to improve signal quality).

mean of each such distribution was used as an
estimate of vertical larynx displacement and cervical
spine posteriority over time.
Figure 1: PCA of cervical spine shape illustrating
warps: dashed/solid lines for +/–3.0 s.d. from the
mean shape (middle black line) for PCs 1-4, which
together explain most of the variation in the data.

In addition, for each frame, a fifth degree
polynomial (chosen to provide a low-bias
characterization of the raw trace data) was fit to the
posterior contour of the cervical vertebrae (which is
adjacent to the spinal cord), as it was judged to be less
noisy than the part of the segmentation over the
anterior contour of the cervical spine. The frame-wise
means by trial of these contours were taken to
characterize the shape of the spine via Procrustes
superimposition with rescaling but no reflection
(using the shapes package [2] in R [8]). This yielded
a PCA (e.g., Fig. 1) of cervical spine shape, and the
first three PCs (together explaining 98% of the
variance) were used in subsequent analyses to
determine the effect of shape variation on spine
displacement and larynx height (our DVs of interest).
Each participant is represented twice in this PCA
(once for each pitch direction trial), and the pairedsample correlations for each PC from 1 to 5 were very
high (> 0.65) and all significant, with PC1 (73.9% of
the variance) showing a between-trial correlation of
0.96 (p = 1.3e–39). We took this to indicate that the
PCA of cervical spine shape was consistent within
participants.
Measures of fo and intensity were obtained from
the audio recordings. For fo, 2nd-order polynomial
curves were iteratively fit (with an ever-narrowing
exclusion region starting at +/–25 Hz above and
below the curve) to help improve the fo signal. These
signals were interpolated to a 100-step timenormalized scale.

2.2. Analysis methods

The rtMRI data for the pitch task include (80 x 100 x
2 =) 16K frames, and, thus, it was deemed infeasible
to manually segment the data for vocal tract structures
of interest. For nearly semi-automated segmentation,
we used the method outlined in [11], based on a
MATLAB R2018b implementation and aided by
starting contours of the vocal tract derived from
manual tracing of the mean image taken across all
rtMRI scans collected for a given participant (thus
including scans not related to the pitch task described
here). Owing to complexity of algorithm parameters,
three segmentation passes were made with different
parameter settings (discovered prior through
experimentation) in an attempt to improve the odds of
getting the largest number of good segmentations.
Manual inspection of each segmentation resulted in
discarding of 16 participants whose scans were too
poor to be amenable to segmentation (or where the
segmentation failed for other, unclear reasons).
With the vocal tract segmentation, we then
automatically identified the location of the larynx in
each image and obtained its mean location across all
scans within a trial. From this location, we were then
able to identify regions of interest within each video
to form brightness distributions for larynx height
(vertical) and for the cervical spine (horizontal). The
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seem to adjust the spine at all, while others show
fairly large displacements.

2.3. Statistical modelling

We used Generalized Additive Mixed Models
(GAMMs), following [10, 12] and aided by the mgcv
package in R [14], to model (i) spine posteriority and
(ii) vertical larynx displacement as DVs in two series
of separate models with different effects structure (the
full details of which cannot be given here). The
general IV set includes the continuous covariates,
PCs 1-2, fo, and intensity (giving varying coefficient
models for these predictors), and the factors, sex,
group, and (pitch) direction. By-participant-and-bydirection random smooths were employed in every
model. Each model was given a preliminary
assessment for whether residual autocorrelation
needed to be accounted for. Fitting was done with the
scaled t-family to address non-normality of the
residuals discovered with preliminary models. Model
selection was done using the shrinkage smoother
method [6], which is advantageous as it is carried out
in a single step. Model diagnostics and residual
analysis were performed for each model using the
gam.check() function (in the itsadug package
[9]) to ensure a good fit, normally distributed
residuals, and that the basis dimensions of the
smooths were adequate. Deviance explained was near
35% for all models, suggesting further parameters
might help provide an even better fit. For the sake of
generating plots across the factors sex and group, two
additional, nested models were run with these
variables excluded (otherwise plotting is forced to
occur at specific levels of these predictor variables).

Figure 2: Smooths for spine posteriority over time
(frame) for increasing (dotted) and decreasing
(solid) pitch by sex (top row = female) and group.

Figure 3: Contour and section plots of spine
posteriority for PC1 in relation to frame number
(time), increasing (top) and decreasing (bottom)
pitch across sex and group (based on the model
without these predictors). Mean (black line) and +/–
3.0 s.d. (dashed/solid lines) away from the mean
(see Fig. 1 for PC1 interpretation).

3. RESULTS
In both models, most of the IVs for the smooth terms
are significant. We focus here though on the pattern
over time and in relation to cervical spine shape.
3.1. Spine displacement

A GAMM run with spine posteriority as DV shows
that smooths by direction are significantly different
from zero, meaning that the cervical spine changes its
position over the course of the task. Visualization of
the smooths allows us to see that, across sexes and
groups, the spine becomes more posterior as a
function of increasing pitch, and more anterior with
decreasing pitch (Fig. 2).
The smooths are ‘wobbly’ because of the cyclic
nature of the task (with participants sometimes
breathing in between each utterance of [afa]). More
importantly, the amount of displacement over the
course of the video is, on average not very large,
about 1 mm either way. Direct inspection of the
videos indeed reveals that some participants do not

When pitch is increasing, the spine adjusts towards
kyphosis (concavity); for decreasing pitch, the
lordosis is enhanced. Critically, however, as shown in
Fig. 3, the degree of cervical spine displacement over
time varies non-linearly as a function of shape of the
cervical spine. Specifically, for PC1, the GAMM
indicates this variation is significant (edf = 6.2, ref.df
= 40, F = 0.5, p = 1.7e–5). (PC2 is also significant but
we will not discuss this here.) If the spine is straight
(or even kyphotic), as indicated by low values of PC1,
then extra anterior spine movement is observed
during pitch lowering. If the spine is convex (anterior
lordosis), then extra posterior movement occurs
during pitch raising.
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4. DISCUSSION & CONCLUSION

3.2. Larynx height

A GAMM with larynx height as DV indicates that it
varies nonlinearly over time. Fig 4 shows that indeed
larynx height changes in correspondence with pitch
(edf = 3.6, ref.df = 40, F = 0.5, p = 2.7e–10). Larynx
height ranges over about 7 mm during the course of
either pitch direction. Unlike the spine, for most
groups (except non-Dutch females, all having small
sample sizes), the larynx oscillates because of the
periodic nature of the task (and a tendency for larynx
lowering during inspiratory breaths between
utterances of [afa]).

We hesitate to view the pitch tasks in our study as
either particularly speech-like or singing-like, but
rather somewhere in-between, and so we must reserve
some caution before generalizing these results to
either of those contexts (for instance, to the execution
of intonation contours or tone contrasts in natural
speech). The range of fo excursion, however, was not
particularly large, and can be taken to be within the
normal operating range for most participants.
Occasionally, participants were observed to perform
extreme pitches (presumably by accident or out of
straining at the edges of their pitch range). Some
participants had difficulty adjusting pitch and would
instead alter their intensity (or a combination
depending on the specific step along the pitch scale).
Despite the universal (and somewhat low) pitch scale,
males and females seemed to perform the task equally
well.
It is not entirely certain what mechanisms underlie
the adjustments to cervical spine position. We might
posit that when participants enhance anteriority of the
spine, they do so for reasons similar to those put forth
by Honda et al. [4], that cervical lordosis interacts
with larynx lowering to produce a rotation about the
cricothyroid joint favourable for lowered stress on the
vocal folds and hence lowered fo. Even if lordosis is
not achieved (but rather the spine simply moves
anteriorly), the cricoid cartilage may still be pushed
towards the thyroid cartilage by the spine, achieving
a similar effect. But why should posterior
displacement help with increasing pitch? We can only
suggest that, through connective linkage between the
pharynx and the larynx, this action may increase
stresses throughout the laryngeal system, possibly
even pulling the cricoid cartilage differentially
backwards (in relation to the thyroid cartilage) and
thereby increasing vocal fold tension. We did not
observe any obvious posterior motion of the cricoid
in contrast to thyroid position, but the resolution of
the MRI scans might make this infeasible. Also it
should be kept in mind that the displacement is of a
small magnitude (about 1 mm on average across the
pitch range), and it is unclear whether this amount is
enough to be of practical significance.
We consider this only a preliminary step towards
a full analysis of the data, which are complex and
include many factors (e.g., sex and group) and
covariates (e.g., fo, intensity, formants, other
anatomical measures) of interest that could not be
addressed here. The measure of spine displacement
(spine posteriority) is rather simple, but it would also
be possible to gauge actual lordosis/kyphosis more
directly by looking at curvature.

Figure 4: Smooths for larynx height over time
(frame) for increasing (dotted) and decreasing
(solid) pitch by sex (top row = female) and group.

Figure 5: Time-evolution plots for a SI male
comparing posterior cervical spine shape to larynx
height (frame = shading). Left is anterior (negative
x-axis values). Dashed line is mean larynx height
for pitch decrease.

Fig. 5 shows cervical spine contour and larynx
height as a function of time (note that, larynx height
is also depicted across the x-axis, but this is just for
visualization purposes). This participant is chosen
somewhat arbitrarily (as the first participant) but
happens to show the cervical spine displacement
(anterior and posterior) and larynx height (lowering
and raising) patterns for both pitch task directions
(decreasing and increasing).
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ABSTRACT
This paper investigates the perception of rising and
falling F0 in statements and questions in Belfast
English. This variety is known for its statement rises,
realised as rise-plateaux, but recently, younger
speakers have begun producing another statement
rise, namely uptalk. This study presented 20 listeners
of two age groups with stimuli stepwise manipulated
to form high and low falls, as well as rises with
different elbow and peak heights, and corresponding
either to simple rises or rise-plateaux. Listeners were
asked to identify stimuli as statements or questions.
Results show that listeners primarily used rise shape
and peak height to differentiate between statements
and questions: simple rises with high peaks were
more likely to be rated as questions. However,
younger listeners exhibited signs that this distinction
is blurring, with more simple rises interpreted as
statements and less clear-cut distinctions between
low, medium and high peaks.

English have started using uptalk, another statement
rise. Following the methodology of [27], this paper
investigates the effect of the introduction of uptalk
rises on Belfast listeners’ question/statement
judgements of different contours.
Uptalk is a widespread phenomenon in English
(and beyond: [31], pp. 163-169) which is commonly
associated with Australian and American Englishes,
with young speakers and with women (though see
[13, 17]). It differs from the Belfast rise-plateau both
formally and functionally. In terms of function, the
main difference lies in markedness: plateaux are an
unmarked “default” with statements in Belfast (and
other Urban Northern British varieties, [6], whereas
uptalk, at least in British varieties, is marked ([31], p.
91, [18]). In terms of form, uptalk (Figure 1) tends to
be simple rises, e.g. L* L-H%, L* H-H% and H* HH%, in most varieties ([1, 8, 10, 13, 26, 28], though
see [16, 9, 11]).
Figure 1: A Belfast English uptalk rise.

Keywords: Intonation, Belfast English, Perception
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Figure 2: Two rise-plateaux, same speaker as Figure 1.
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Belfast English, like other varieties of Northern Irish
English, is well-known for its statement rises [7, 19,
22]. These generally take the form of rise-plateaux or
rise-plateau-slumps, and previous research on Belfast
English intonation has reported that the vast majority
of statements carry such rising contours (above 70%
in [14] and [21]; 83.3% in the IViE project [12, 13]),
while falling contours, which are commonly
associated with statements in standard British English
varieties, were almost never found with statements in
Belfast English (4.2%, [12]). Furthermore, in the
IViE corpus, no simple rises were found with
statements. On the other hand, questions were
realised with an average of 7.4% simple rises, 90.7%
plateaux and 1.9% falls.
In the IViE corpus, recorded in 1996, there was
thus a clear distinction in production between
statements (produced with plateaux or falls, but not
simple rises) and questions (produced with plateaux
and simple rises, but rarely falls). However, recent
work [15] has found that, similarly other varieties of
British English [1, 18], young speakers of Belfast
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On the other hand, a rise-plateau(-slump) features an
abrupt rise after a low pitch accent, ending in an F0

plateau that can span several syllables or words, and
may end in a final optional F0 “slump” (Figure 2).
While there have been plenty of sociolinguistic
studies of Belfast English [22, 23], these have
generally not considered intonation. Two exceptions,
[19, 20], reported a higher frequency of falling
contours with higher levels of formality, explained as
accommodation to SSBE. [15] found that a speaker’s
political stance may also influence contour choice.
Given the fact that uptalk seem to be relatively
newly introduced to Northern Ireland (see also [31],
pp. 90-92), it is relevant to also consider the age of
the listeners. As we know that innovations are often
spread by adolescents [29], this paper considers both
near-adolescent and adult listeners. This allows for a
consideration of not just whether listeners perceive
simple rises as pertaining to questions, and falls to
statements, but also whether this is changing with the
younger generation as uptalk is slowly creeping into
Belfast English.
This paper has the following research questions:
1. Do Belfast listeners judge simple rises as
belonging to questions, and falls to
statements?
2. What roles do the height of rise elbows and
peaks play in judgements?
3. Do these patterns change with young
listeners?
2. METHODS
20 listeners (12 f, 8 m) participated in the experiment.
All reported normal hearing. The participants were
further divided into young (n=9, range=17-21,
mean=18.7) and adult (n=11, range=25-48,
mean=34.1) listeners. All had lived in Belfast for at
least a year, and most (n=15) grew up in the city.
The stimuli consisted of 5 short phrases, a
determiner or preposition plus a two-syllable noun of
the CVCV type. The phrases were read by a young
male speaker of Belfast English who was not part of
the experiment, and was not known to the listeners.
The phrases chosen were part of the IViE materials,
designed to elicit series of sonorants, thus avoiding
microprosodic perturbations of the F0. The stimuli
were resynthesised in PSOLA in Praat [2]. The
stimuli were manipulated at the low elbow, or starting
point, and peak, or ending point, of each contour, as
well as at an equidistant point in between the two. The
middle point was hand-corrected to a later point in the
contour to increase naturalness in 12 items.
At rise elbows, F0 was changed in one 6 st
increment to correspond to low and high elbows. At
rise peaks, stimuli were changed in two 4 st

870

increments to correspond to low, medium and high
rises. The pitch ranges and semitone increments were
chosen based on the speaker’s natural pitch range and
rise characteristics. Rise shape was manipulated to
create either slightly concave smooth rise for simple
rises, and an abrupt, convex rise for plateau rises. The
anchor point for manipulating rise shape followed the
speaker’s natural productions, and was kept constant
across items. The procedure is illustrated in Figure 3.
Figure 3: schematic representation of the manipulation of
rise stimuli in terms of elbow height, peak height and
shape. Dark lines represent plateau rises, light lines
represent simple rises.
4 st
4 st

6 st

In addition to the rise stimuli, two different falls were
included as distractors, and to allow for an
investigation of differences between rising and falling
contours. Pitch ranges for falls were again matched to
the speaker’s natural falls, and the difference between
high falls and low falls was manipulated though
elbow height (corresponding to a 6 st difference);
peak height and shape were kept constant. The stimuli
were checked for naturalness by a speaker of Belfast
English. The reanalysis resulted in 60 items, and the
experiment produced 1200 tokens for analysis.
Listeners were presented with one item at a time
through the Praat experiment interface, and were
asked to decide whether each item was a statement or
a question. A second set of responses was also
required of the listeners, but not covered in this paper.
Listeners were instructed to decide on their responses
as fast as possible. Stimuli were presented in 5
randomised blocks of 12, with each combination of
elbow, peak and shape present only once in each
block. Each phrase occurred a maximum of three
times per block.
Statistical analysis was conducted through
Bayesian multilevel regression in the Stan framework
[5] accessed with brms [3, 5] in R [25]. Model
comparisons were executed though leave-one-out
cross-validation using loo() [30], and the models were
plotted using marginal_effects(). To improve
convergence and prevent overfitting, mildly
informative conservative priors were specified.

3. RESULTS
3.1. Elbow height, peak height, shape

Three Bayesian multilevel models were fitted to
investigate the effects of contour shape, elbow height
and peak height on listeners’ judgement of stimuli as
questions or statements. In all models, age was added
as a fixed effect, and speaker and stimulus as random
intercepts. Speaker age will be discussed in the next
section. Gender was too highly correlated with age to
be included in the final models, and more data is
therefore needed to consider gender effects. In the
following, contrasts between posterior distributions
will be reported in the text, and fitted values from the
regression models will be illustrated through figures.
The first model, summarised in Figure 4,
investigated the effect of F0 shape on whether an item
was judged to be a statement or a question. Based on
the IVIE data, the prediction is that simple rises
would be more likely to be judged as questions.
Comparing the posterior distribution of the contrast
between simple rises and other F0 shapes, simple
rises are judged as 37.2% (95% CI = [15.6, 59.8])
more likely to be questions than plateau rises, and
43.2% (95% CI = [20.1, 56.0]) more likely than falls
of any height. As shown in Figure 4, high falls were
marginally more likely to be judged as questions than
low falls, but this distinction was not supported by
posterior distributions.
Figure 4: Marginal effects of F0 shape on
question/statement judgement, where 0 on the y-axis
indicates a statement response and 1 a question response.
Points indicate the posterior mean estimates for each
shape. Error bars indicate 95% credible intervals.

higher elbows would be more likely to be judged as
questions. As seen in Figure 5, this hypothesis is
marginally supported by the regression model.
Comparing posteriors between rises with low and
high elbows revealed a small effect: rise stimuli with
high elbows were 11.2% (95% CI = [3.9, 18.8]) more
likely to be judged as questions.
Figure 5: Marginal effects of elbow height on
question/statement judgement, where 0 indicates a
statement response and 1 a question response.

The third model investigated the contribution of peak
height. For this investigation, hypothesis testing is
hampered by a lack of precise phonetic description of
simple rises in Belfast English. However, the
annotation L* H-H% in the IViE corpus suggests a
high-rising component which can be surmised to be
higher than the plateau component of the plateau rise.
Figure 6: Marginal effects of peak height on
question/statement judgement, where 0 indicates a
statement response and 1 a question response.

Another model was fitted to investigate the influence
of elbow height on statement/question judgement.
Plateaux are often realised with lower elbows than
simple rises, so the prediction is that rise stimuli with
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The prediction would thus be that higher peaks lead
to more question judgements. Figure 6 illustrates the
fitted effects of the model. This graph documents a
clear likelihood progression for the question
judgement with increased peak height.
Confirming this picture, a comparison of posterior
distributions shows that rise stimuli high peaks are
55.3% (95% CI = [39.3, 69,4]) more likely to be
judged as questions than mid-peak stimuli, while
these are 29.8% (95% CI = [16.8, 44.5]) more likely
to be judged as questions than stimuli with low peaks.
These, however, are still 14.1% (95% CI = [0.5,
26.2]) more likely to be judged as questions than falls
of any shape.
3.2. Adult versus young listeners

Addressing the final research question, this section
reports on the influence of listener age on the
perception of rise and fall stimuli as either statements
or questions. For brevity’s sake, only F0 shape will
be considered. The model considered is thus identical
to the initial one presented in the previous section.
The hypothesis to be tested in this section is that,
due to the introduction of uptalk, younger listeners
will have a less pronounced, or even overturned,
association between simple rises and questions than
older listeners. Addressing this hypothesis, Figure 7
illustrates the fitted effects of listener age on
judgements of different F0 shapes. As can be seen in
Figure 7, in this study, adult (left) and young listeners
(right) do not have identical judgements of different
F0 shapes.
Figure 7: Marginal effects of F0 shape by listener age on
question/statement judgement, where 0 indicates a
statement response and 1 a question response.

while the corresponding number for young listeners
is 15.2% (95% CI = [2.8, 27.9]). Furthermore, young
listeners are slightly more likely to judge falls as
questions, but this corresponds to an overall greater
bias towards the question response (a possible artefact
of low token numbers), and the effect is not supported
by the statistical model.
4. DISCUSSION AND CONCLUSION
This paper has addressed the lack of perception
studies on Belfast English intonation, investigating
whether listeners’ perception match the production
literature, which acoustic cues are used by speakers to
make question/statement judgments of rises, and
whether younger listeners exhibit a changing
perceptual system after the rise of uptalk in Belfast.
Findings indicate that both rise shape, peak height
and elbow height (in this order of importance)
contribute to question/statement judgements. The use
of elbow and peak height as cues to rise status
provides us with valuable evidence of the perceived
phonetic characteristics of rises in this variety of
English – characteristics which have not been
documented in production studies. Furthermore, the
tentative finding that younger listeners have a less
well-defined distinction between plateau and simple
rises suggests that their perceptual systems are
reacting to the change in production caused by the
introduction of uptalk rises [15], as laid out in Labov
2001; see [29], p. 5. It is exactly this age group who
can be surmised to produce the first reactions to a new
change in production by an alteration of their
perception. New generations will then progressively
acquire, increment and stabilise the change.
These results are important pieces of evidence for
the impact of production changes on perception (for
change in production, see [17, 18]), and of the ways
in which intonational change conforms to models of
change in similar ways to segmental sound change.
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may also be actively controlled by the speaker to
improve or enhance certain language-specific vowel
characteristics [10]. This mixed physiologicalenhancement account was further supported by the
finding that native speakers of one language can
“transfer” their native If0 to their second language
[32], which implies that the magnitude of the If0
difference between high and low vowels is a
language-specific feature that can be, at least in part,
under speaker control.
The most recent explorations of the mixed
physiological-enhancement proposal revealed that
the size of the If0 difference can also vary in regional
varieties of the same language [13, 14]. In particular,
systematic If0 differences were found in stressed
vowels in three distinct varieties of American English
(AE); these differences were diminished when the
vowels were unstressed [13]. In a follow-up study,
regional If0 differences were found not only in
stressed vowels in connected speech, but also in
vowels in citation-form hVd-syllables produced as
isolated items [14]. Importantly, there was no
consistency between the magnitude of If0 difference
and the magnitude of F1 difference across dialects.
That is, in one dialect, the F1 difference between a
high and a low vowel was large and the corresponding
If0 difference was small, whereas the reverse was true
for another dialect. Mismatches of this type suggest
that, although the intrinsic aspect of f0 variation in
vowels may be common to all regional varieties, the
magnitude of If0 difference is dialect-specific.
Presumably, f0 control can be learned separately,
perhaps as a part of a local cultural tune [31], and can
communicate sociocultural identity in concert with
other regional features such as distinct pitch ranges
[3] and distinct tempo of speech [15].
The current study further inquired into the
sociocultural aspect of the If0 difference. We
conjectured that, assuming that f0 control can be
learned separately, the distinctive use of f0 can also
be manifested in an ethnolect. This is because
markers of sociocultural ethnic (racial) identity tend
to be strong and distributed over an array of linguistic
structures that, as a whole, cohere for the ethnic
group. To examine this possibility, we chose African
American English (AAE), an intensely studied
ethnicity-based social variety of AE with its own

ABSTRACT
Indisputably, high vowels have higher intrinsic
fundamental frequency (If0) than low vowels. An
unresolved question is whether this If0 is a purely
automatic by-product of vowel articulation, or
whether it can be actively controlled by speakers to
enhance vowel contrast. A third mixed position
proposes that the effect is physiological but the
magnitude of If0 difference between high and low
vowels is language-specific and can be controlled.
Recently, the size of If0 difference was shown to vary
with regional dialect. Further testing this mixed
physiological-enhancement hypothesis, the current
study found the distinctive f0 control in an ethnolect.
Data were collected in two regionally distinct African
American English communities. The magnitude of
If0 difference was equal in both groups irrespective
of different f0 values associated with common F1.
This f0/F1 mismatch indicates that If0 in vowels can
be controlled, possibly serving as a marker of
sociocultural identity and group membership.
Keywords: sociophonetics, vowels, fundamental
frequency, African American English, dialect.
1. INTRODUCTION
A well-documented and possibly universal aspect of
vowel production is that high vowels typically have
higher fundamental frequency (f0) than low vowels
[34]. Although the exact mechanism that determines
this intrinsic f0 (If0) pattern is still not well
understood, a long-standing debate has focused on
whether If0 is a purely phonetic effect reflecting an
automatic biomechanical consequence of vowel
articulation [27,11,33], or whether it can be actively
controlled by the speaker to perceptually enhance the
contrast between a high and a low vowel [4,17,19].
The primary evidence for the latter position comes
from findings that the If0 difference between high and
low vowels is greater in prosodically prominent
contexts such as in stressed syllables and is reduced
or even completely neutralized when syllables are
unstressed [21,18].
As a third possibility, it has been proposed that If0
may be physiological (and automatic) in nature but it
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The reverse is also possible in that F1 will be shared
but the communities will differ in their use of f0. The
third scenario (i.e., the mismatch) will indicate that f0
control can be learned separately.

system of semantic, morphosyntactic, prosodic, and
phonological rules [22,35,30]. The current
understanding of AAE in the United States is that
certain defining features of the variety are relatively
stable and uniform across the country (e.g., the
reduction of the temporal contrast between tense and
lax vowels, systematic variation in word final
consonant voicing, or distinctive use of vowel
duration [28,7,8]), but the ethnolect also shares some
features of AE, both mainstream and regional, such
as the use of f0 declination in read speech and
participation in regional vowel shifts [6, 9]. We
hypothesized that, if f0 control contributes to the
expression of socioculturally based ethnic identity,
then the magnitude of the If0 difference between high
and low vowels will be common across AAE
communities in different parts of the US.
To test this hypothesis, the data were collected in
two different AAE communities in the southern state
of North Carolina (NC). The AAE participants were
lifelong residents of either mountainous western NC
(WNC) or coastal Eastern NC (ENC), areas separated
by 300 miles (482 km). Of relevance, the vowel
systems in these two communities have been
differentially influenced by regional variation in AE.
The AAE in WNC shows evidence of the Southern
Shift, a well-known set of vowel changes affecting
most of the American South [20]. The AAE in ENC,
however, is not affected by this shift, and exhibits
typical AAE markers such as a lack of back vowel
fronting for /u/ and /o/. Consistent with core features
of the broad Southern AE spoken in the southern
states, AAE speakers in ENC and WNC pronounce
the diphthong /ai/ as a long monophthong [ɑ:].
Our hypothesis will be supported if the AAE
speakers in ENC and WNC do not differ in their use
of If0 to convey the contrast between high and low
vowels (i.e., the If0 difference will be common to
both). In terms of the f0 and F1 relationship, there are
three possible scenarios. First, f0 and F1 values of
high and low vowels will be the same in ENC and
WNC and thus the If0 difference and the
corresponding F1 difference will be common.
Second, there can be a community-specific shift in
f0/F1 so that, being inversely related, lowering of the
vowels in the acoustic space (manifested as an
increase in F1) will correspond to a decrease in f0
(and vice versa). Consequently, the magnitudes of the
If0 and F1 differences can still be common despite the
distinct values of f0 and F1 in ENC and WNC. These
two scenarios will indicate that If0 is an automatic
effect of vowel articulation. The third possibility is
that there will be a mismatch between f0 and F1. In
particular, If0 difference can still be the same in both
communities but the two will differ in their use of F1
to mark a distinction between high and low vowels.

2. METHODS
2.1. Participants

For the current study, productions of 19 AAE middleage women ranging in age from 30 to 50 years were
analyzed, 8 from WNC and 11 from ENC. Although
more speakers participated in the experiment, their
productions had to be excluded from f0 analyses due
to the detrimental effects of creaky voice, colds, or
smoking on the accuracy of f0 measurements. The
women in WNC resided in Iredell County (mean age
= 47.1 years) and those in ENC lived in Pitt County
(mean age = 38.0 years). All participants had at least
high school education and none had more than a
professional graduate (Masters) degree.
2.2. Speech material and analysis

A full set of 14 AE vowels was obtained from each
participant. The vowels were produced in hVd-frame
as citation-form tokens. The randomized hVd
prompts appeared on a computer monitor and the
participant read each item, one at a time, providing 3
repetitions of each. The tokens were recorded and
digitized at a 44.1-kHz sampling rate with 16-bit
quantization.
For the analysis of the If0 difference between high
and low vowels, we followed procedures outlined in
[14]. The vowel /u/ in who’d (rather than /i/ in heed)
was selected as the high vowel because f0 in /u/ was
higher than f0 in /i/, which is also consistent with
previous findings [34, 14]. Given that in this southern
variety of AAE the monophthongal /ai/ in hide was
lower in height and had lower f0 than the vowel /a/ in
hod, we selected /ai/ (pronounced as [ɑː]) as the
lowest monophthongal vowel in the AAE system.
This was also the case for the Southern AE variety
studied in [14]. In the remainder of this paper, we will
refer to this monophthongal /ai/ as /a/, bearing in
mind that this vowel represents the lowest
monophthong in Southern AE.
The selected tokens were first downsampled to
11.025 kHz and low-pass filtered at 1 kHz. Vowel
onsets and offsets were located by hand and the f0
tracks over the vowel were computed using
autocorrelation method in a series of 16-ms windows
with 50% overlap. These computations were
implemented in MATLAB [24]. The f0 values selected
for the analyses of If0 difference were obtained at the
temporal point corresponding to 35% of vowel’s
duration. Measuring f0 early in the vowel, before the
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was a significant predictor of f0 for both /u/ (χ2 (1) =
6.731, p = .010) and /a/ (χ2 (1) = 7.078, p = .010), with
ENC speakers producing the vowels with a higher f0
(23 Hz for either /u/ or /a/) than WNC speakers. The
analyses of F1 revealed no significant differences in
vowel height as a function of community for either /u/
(χ2 (1) = 1.937, p = .160) or /a/ (χ2 (1) = 1.198, p =
.270).

midpoint, is the recommended approach for vowels
produced in isolated syllables [34, 14]. Visual
inspection of f0 tracks ensured that the measurements
were taken prior to f0 fall. The corresponding F1
values were obtained from LPC spectra at the same
temporal location in the vowel. We started with 14
coefficients and made adjustments to both analysis
bandwidth and the number of coefficients as needed
on a speaker-by-speaker basis. This was done using
TF32 software package [26]. The measurements of f0
from the tracks generated in MATLAB were then
compared with f0 tracks generated using
autocorrelation in TF32 and PitchWorks [29] and
hand corrections were made as necessary. Reliability
check was done on all tokens.
Given that the study controlled for gender and age,
and also to facilitate comparisons with other
published reports, f0 and F1 values were not
normalized across participants. Statistical linear
mixed-effects analyses were carried out in SPSS v. 25
[12]. For each dependent variable (analyses were
based on individual productions of each token), a
baseline model only included the intercept and
community (WNC, ENC) was then entered as a fixed
effect. Participant was a random effect. The
significance of the fixed effect was based on
likelihood ratio tests and associated p-values.

Figure 1: If0 and F1 differences between /u/ and /a/

Figure 2: Average (s.e.) f0 and F1 for /u/ and /a/.

3. RESULTS
Figure 1 shows the group variance for If0 difference
(left panel) and for the corresponding F1 difference
(right panel) between /u/ and /a/ for WNC and ENC
speakers. Boxplots show group median, inter-quartile
range (box edges) and the 10th and 90th percentiles
(whisker edges). Group mean is marked in red
(dashed line). Statistical results support the visual
impression that the two AAE communities did not
differ in either If0 difference or F1 difference. The
analysis of the If0 difference failed to show the effect
of community (χ2 (1) = 0.009, p = .920). Likewise, the
analysis of F1 difference failed to show the effect of
community (χ2 (1) = 0.479, p = .490). These results
demonstrate no differences between WNC and ENC.
We interpret them as indicating that the magnitude of
If0 difference and the corresponding magnitude of F1
difference are a common property of AAE spoken in
these two communities.
The f0/F1 relationship was further examined in
separate analyses of f0 and F1 for /u/ and /a/. Groupaveraged f0 and F1 are displayed in Figure 2. We
observe that ENC speakers (top, in red) produced
both vowels with a higher f0 than WNC speakers
(bottom, in blue) whereas F1 values did not seem to
differ between the groups. Linear mixed effects
analyses carried out on f0 confirmed that community

Importantly, F1 values in ENC speakers, although
not statistically different from WNC, did not, in
absolute terms, correspond to their comparatively
higher f0. As shown in Figure 3 (redrawn from Figure
2), F1 values for both /u/ and /a/ in ENC speakers
were only slightly higher relative to WNC speakers
but their f0 values were significantly higher. The
differences in F1 between the groups were too small
to reach statistical significance (21 Hz for /i/ and 45
Hz for /a/) but the lack of directional agreement
between f0 and F1 is striking. Mismatches of this kind
suggest at least some active involvement of the
speakers in executing the F1/f0 relationship,
supporting the proposition that f0 control can be
learned separately.
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comparison positions NC AAE speakers as having an
If0 difference similar to Ohio speakers and an F1
difference similar to Wisconsin speakers, which
creates yet another combination of If0 and F1.
The apparent mismatches between If0 and F1
differences reflect no agreement between positional
variation in high and low vowels in regional vowel
systems (such as related to chain shifts) and f0 use.
We can thus admit the possibility that regional and
ethnic varieties may choose a particular pitch range,
a specific f0 span, as one of the variables cuing their
socio-cultural identity and group membership.
This possibility is not implausible if we consider
that human voice (and thus, f0) conveys a wealth of
information about speaker characteristics, including
age, gender, health, education or social status so that
different social groups may use f0 differently [5]. The
typical f0 range deployed in spoken language by a
specific subgroup or population has been referred to
as speaking f0 or SFF [1]. Studies exploring speaking
f0 across languages reported significant differences,
suggesting that different languages may use different
f0 ranges and typical language-specific f0 values as a
part of their phonetic structure. Cross-language
differences in SFF range were found for Polish vs. AE
[23], British English vs. German [25], AE vs.
Mandarin [16], among many others.
Still little is known whether differences in SFF
exist across regional and ethnic varieties of the same
language. It has been proposed that speakers of a
particular variety acquire an internal representation of
a pitch range in their speech community and this
representation (shaped by long-term exposure to the
speech of others) influences their speech production;
this mental representation is then utilized when
acquiring a second language or dialect [2,3].
Consequently, if speakers of different regional and
ethnic varieties utilize specific f0 values and f0
ranges, then these cross-varietal differences should
also emerge in vowel production. We can thus
reasonably expect that production of experimental
syllables or words may be influenced by speakers’
internal representation of pitch ranges typical of their
speech communities.
In conclusion, the common magnitude of If0
difference between high and low vowels found in
AAE speakers living in two distinct and distant
communities suggests that this parameter may reflect
a shared feature of the ethnolect. The finding that the
two communities use different f0 values associated
with the same F1 indicates that If0 in vowels can be
controlled by speakers, supporting the physiologicalenhancement hypothesis advanced in previous work
[10,13,14,32]. Future research probing different
speech communities and including more complex and
tightly controlled speech tasks will ascertain the
degree to which the present findings can be
generalized.

Figure 3: F1/f0 relationship in /u, a/.

4. DISCUSSION
The results of the current study support our conjecture
that the magnitude of If0 difference between high and
low vowels may be linked to sociocultural variation
in speech. We measured f0 and F1 in AAE speakers
in two distant and regionally distinct AAE
communities and found that the magnitude of If0
difference was equal in both groups, and that it was
unaffected by regional influences on their respective
vowel systems. This resistance suggests that the size
of If0 difference may be a shared feature of the
ethnolect, at least for these two varieties spoken in
NC, reflecting ethnic (racial) identity of its speakers.
The finding that F1 difference between high and
low vowels was also common in both groups could
be misinterpreted as indicating that f0/F1 relationship
is automatic and predetermined by biomechanics of
vowel production. The separate analyses of f0 and F1
showed, however, that vowels can be produced with
higher f0 (i.e., at a higher pitch) but this higher f0 may
not be associated with lower F1. In particular, the two
groups differed in their f0 but their F1 values were not
statistically different; there was even a slight increase
in F1 for vowels produced with higher f0 in ENC
speakers when compared with WNC speakers. This
f0/F1 mismatch suggests that f0 use in vowels can be
controlled and may reflect a regional “tune,” that is, a
specific range of speaking f0 associated with a
particular regional group or sociocultural speech
community [3].
Support for this position comes from the recent
emerging evidence that the magnitude of If0
difference between high and low vowels can be
altered by regional variation in AE [13,14]. Measured
at a point of high energy in hVd-tokens, closer to
vowel onset (at the 35% point), the reported If0
difference in female speakers was about 24 Hz in AE
variety spoken in western NC, 32 Hz in central Ohio,
and 43 Hz in southern Wisconsin [14, their Figure 2].
These distinct f0 ranges did not correspond to the
magnitude of F1 differences in these AE dialects,
which were 635 Hz, 549 Hz and 594 Hz, respectively.
In the current study, the If0 difference was 30 Hz for
each AAE community and the F1 differences were
very close, 593 Hz in WNC and 617 Hz in ENC. This
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ABSTRACT

Figure 1: Comparison of the vowel space of long
vowels in standard German intended recordings.

Acceleration of speech rate is often said to be correlated with a reduction of the vowel space. However,
a monocausal explanation of the vowel space reduction by speech rate is surely too simplistic. With our
regionally balanced database of a German text read in
two reading tempi we present geolinguistic maps of
• the different sizes of the vowel space and
• different changes of the sizes of the vowel space
when comparing normal and accelerated speech
rates.
These maps for the normal reading tempo show
regional patterns of vowel space sizes for the long and
short vowel system. Accelerating speech rate affects
the vowel space size in regionally specific patterns. In
addition, increasing reading tempo shows a surprising
general effect: initially large vocal spaces are reduced
while initially small vocal spaces are enlarged.
Interestingly, vowel space size and change due to
accelerating reading tempo does only limitedly reflect
traditional dialect regions.

This comparison makes it evident that there is
variation in the geometry of the vowel space as well
as in the size of the vowel space. It also suggests that
there is regional variation in Standard-intended German speech – that is, Standard German as performed
regionally [4, 7, 8]. Moreover, the analyses [5, 11, 12,
14, 15] document stylistic differences and [18] shows
that speech rate affects articulation accuracy in many
ways. In addition to segment elision and an increase
in coarticulation phenomena, vowel undershoot is a
typical feature attributed to higher speech rate. The
hypothesis in [9] postulates that a vowel target may
not be reached by the articulators under the temporal
constraints of an accelerated speech rate, resulting in
formant undershoot and a reduction in the vowel
space size; however, this theory is by no means universally accepted and findings are inconsistent [12].
With a geographically balanced dataset of German
read speech in two speech rates [1, 2, 3] we will focus
on the following questions:
• Is there regional variation in vowel space size?
• Is there regional variation in how long and short
vowels pattern in terms of vowel space size?
• How does acceleration of speech rate affect these
patterns?

Keywords: German, speech rate, tempo, vowel
space, geophonetics
1. INTRODUCTION
Variationist geolinguistic and sociophonetic research
focuses on specific sounds or the relation of sounds
within a linguistic system. Realisations of specific
sounds are correlated to areal, social or interactional
factors. The vowel space is architecturally conceptualized in terms of relative questions like: Is /eː/ more
fronted than /iː/? Where is the position of an /aː/?
Usually, the size of the vowel space itself is not under
investigation. However, comparison of different
studies makes it obvious that the vowel space area is
quite variable. Fig. 1 shows different representations
of the vowel space for the long monophthongs of
Standard German. These studies – except for [13]
with data from a word list – represent data from reading tasks and have been analysed differently, so that
the results are only comparable to a limited extent.
Recordings of [13] were made in Berlin; however,
the authors claim that their students had no dialectal
influence. [15] analyses the Kiel Corpus [5] with
recordings from the northwestern part of Germany.
[11] examines data from Vienna, representing an
Austrian standard, and [14] looks at data from Leipzig
in East Central Germany.

2. DATA AND METHODS
2.1. Data

The data are part of the “Deutsch heute” corpus from
the Institute for German Language (IDS) [1, 7]. For
this study the Aesop fable The North Wind and the
Sun was used as reading material. This was recorded
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twice per speaker, once in a “normal” reading tempo,
and then in a “fast” reading tempo. The subjects were
two male and two female high school students per
place. They were aged 17–20, local to the area under
investigation, and not professional speakers. The
recording took place during lesson time in school in a
quiet room. The study area covers the whole contiguous German-speaking area of Germany, Austria,
Switzerland, Liechtenstein, East Belgium and South
Tyrol, from which 161 evenly distributed locations
were selected. Altogether, there are 644 recordings in
two reading tempi.

For the vowel space of the short vowels, we use
the corresponding area between /ɪ/, /ɛ/, /a/, and /ɔ/.
To calculate each vowel space, the first two formants of every individual monophthong were measured. Thirty measurements were taken within the
central 60% of each vowel, and the median of these
was calculated. The data were then Lobanov- or znormalised [16] – transformed so that the centre of all
vowels received a value of 0 and the distribution had
a standard deviation of 1. This allows a comparison
of speakers with various vocal physiologies [17].
These normalised formant measurements formed the
basis for the calculation of vocal space size. The
vowel space area for every speaker was measured for
long and short vowels separately, each in the normal
and fast reading tempi.
The vowel space values were mapped with ArcGIS using a local smoothing to level out outliers. This
means that the value mapped for every polygon
represents the median value of this polygon and all its
neighbouring values. Thus each area point is
represented by 20 to 32 speakers, and because of the
robustness against outliers the median is used.

2.2. Preprocessing

For forced alignment we used the Munich Automatic
Segmentation tool (MAUS) [6]. Then the first two
formants were measured in the central 60% of the
monophthongs. A script calculated formant values at
30 positions, then the median of these formant values
was taken for each of the 260,000 individual vowels.
In order to equalise gender and individual differences,
the data were z-normalised [10], that means that the
data were transformed in a way that the centre of all
vowels got a 0 and the distribution reached a standard
deviation of 1. These z-normalised data were the basis
for the measurement of the vowel space, represented
in z-normalised squared units.

3. RESULTS
3.1. Vowel spaces of males and females

Sociolinguistic research often finds differences between male and female speakers. Therefore, we first
compare them to test whether we can treat the datasets
of males and females as one larger and therefore generally more reliable dataset, or whether they are
distinct. Over the whole dataset, we find correlations
of male and female data of r=0.45 for the long vowel
system and r=0.48 for the short vowel system, so the
chance remains that the datasets of males and females
can be treated as one. Fig. 3 maps the vowel spaces of
long vowels in normal reading tempo. The brown
areas mark larger vowel spaces, the blue areas mark
smaller vowel spaces.

2.3. Measuring the vowel space

The vowel space of the German standard comprises
six vowels. However, the North Wind and the Sun
features only one occurrence of /ɛː/ and of /uː/ for
each recording, so the data density for these two
vowels is quite weak. Therefore, we only measure the
vowel space for long vowels in the area between /iː/,
/eː/, /aː/, and /oː/, marked in Fig. 2 in grey.
Figure 2: Vowel space of the Standard German
long vowel system (solid line) and the area used for
this paper (shaded area).

Figure 3: Comparison of the vowel space of long
vowels in normal reading tempo of male (left) and
female (right) speakers. Larger vowel spaces in
brown, smaller vowel spaces in blue.

The exclusion of /ɛː/ is not of great concern for this
analysis, since there is a tendency for /ɛː/ and /eː/ to
merge as /eː/ in the north of the German-speaking area
and in Austria [7]. If /ɛː/ were taken into account, the
vowel spaces would no longer be directly comparable. Omitting /uː/ is more problematic due to its
position in the high back corner of the vowel space.
However, the available data are not sufficient for the
analysis of /uː/.
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Figure 5: Vowel space size of the long vowel system at normal (left) and fast (right) reading tempi.
Large vowel spaces in brown, small vowel spaces
in blue.

The comparison for the long vowels in normal reading tempo shows very similar regional distributions
across genders, with only a few larger differences in
the central western part and around Berlin. The correspondences between male and female speakers for
the fast reading tempo and for the short vowel system
are comparable, but each shows different areal
distributions. Finally, it can be said that the regional
distributions of vowel space size for men and women
are quite similar, though only two men and two
women were recorded per place. Therefore, in the
following analyses we treat data from males and
females in a common dataset.
3.2. Ratio of vowel space sizes of the short vowel to
long vowel systems at different reading tempi

Before presenting the vowel spaces for the long and
short vowel systems, we will have a look at the
relationship between the two systems. Fig. 4 shows
the size of the vowel space of the short vowel system
as a proportion of the size of the vowel space of the
long vowel system. Red areas mark big differences in
the size of the vowel spaces of the long and the short
vowel system, while blue areas mark smaller differences in the size of the two vowel systems. The two
maps in Fig. 4, representing the two reading tempi,
are very consistent. This means that changes in
reading tempo affect long and short vowels in a
similar matter.

While the eastern part of Austria and the Alemannic south have quite small vowel space areas in
both tempi, there are striking changes in the transition
zone from Bavarian to Alemannic and in the northeastern area of Mecklenburg-Vorpommern.
The results for the short vowel system (Fig. 6)
seem to be as disparate as for the long vowel system.
Here, the south is a bit more consistent than for the
long vowel system. For both normal and fast reading
tempi, the transition zone from Bavarian to Alemannic and Franconian is separated from the neighbouring areas. Moreover, in the north lower German
area and in the Ostfalen area, we find contrary distributions for the two reading tempi.

Figure 4: Ratio of the vowel space sizes of the short
vowel system to the long vowel system at normal
(left) and fast (right) reading tempi. Small differences in red, large differences in blue.

Figure 6: Vowel space size of the short vowel system at normal (left) and fast (right) reading tempi.
Large vowel spaces in brown, small spaces in blue.

Figs. 5 and 6 show that increasing reading tempo
does not universally result in the expected reduction
of the vowel space. In some regions there is even an
enlargement of the vowel space. However, comparison of the corresponding maps in Figs. 5 and 6 is
rather confusing. Therefore, the ratio of the vowel
space size of the fast reading tempo to the normal
reading tempo was calculated for the long vowel
system and the short vowel system. The result is
given in Fig. 7, showing in red the reduction of the
vowel space with an increase in reading tempo, and

3.3. Comparing normal and fast reading tempi

When we compare the vowel space sizes for long
vowels in normal (left) and fast (right) reading tempo
(Fig. 5), we find quite different maps. This means that
change in tempo does not affect the vowel space size
of all regions in the same manner.
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in blue the expansion of the vowel space with an
increase in reading tempo.

The distribution of the data in the Standard-intended
reading task does not fit the traditional dialect areas,
but it shows a new regional distribution.

Figure 7: Vowel space size change with increasing
tempo of the long vowel system (left) and the short
vowel system (right). Reduction of vowel spaces in
red, enlargements of vowel spaces in blue.

4. DISCUSSION AND CONCLUSION
Our results indicate that there are regional patterns of
vowel space size in Standard-intended German.
Because the patterns are consistent across both male
and female voices, the variation seems to not be
idiolectal but rather has a strong areal imprint.
Accelerating reading tempo does not only affect the
temporal domain but also vowel space size. Our
analyses likewise show regionally specific reduction
patterns for the vowel space.
The relationship between the vowel space sizes of
long and short vowels remain fairly stable between
reading tempi. Increasing the reading tempo has two
different effects: large vowel space sizes are reduced,
small vowel space sizes are enlarged.
The geographical distributions of vowel space size
in read speech and change due to reading tempo only
slightly reflect traditional dialect regions. Overall, the
geographical distribution is surprising as the vowel
space is based on the qualities of the vowels. However, the traditional maps show relatively large,
mostly phonologically motivated differences, whereas there is a phonetic analysis here. While we do not
have the corresponding geolinguistic data on the vowel space of the dialects to make a direct comparison,
we have to refer to other dialect classifications based
on the segmental phonetic level and on morphological
structures. Yet there are hardly any similarities to
these dialect classifications. The geographical
distribution of vowel space size may be interpreted as
having little correspondence to segmental phonetic
and morphological structures because the linguistic
system is independent of its phonetic realisation. This
difference would then have nothing to do with the
opposition of dialect and standard. One could also
argue that this distribution has more to do with the
regional distribution of speech rate or segment reduction than with dialect areas [2, 3]. But even these
relationships cannot be established unambiguously.
Thus, the design and change of the vocal space seems
to be a relatively independent parameter, probably
due to the fact that it is hardly perceived consciously.
Despite the apparent independence from traditional dialect classifications, reasonably stable geographical patterns emerge with regard to the design of
the vocal space. These show that theories of vocal
space [9, 12, 17, 18] must not only take into account
general aspects of influence such as speech rate, style,
and coarticulation, but that social and geographical
components must also be taken into account. This
means that the influence of speech rate on the shaping
of the vowel space is not a universal phenomenon, but
can vary even within one language.

When we compare the changes for the long and
short vowel systems, the two pictures show a very
high correspondence. The areas where the vowel
space is enlarged when people speak faster are almost
identical. So, concerning the adjustments of vowel
space size, strategies for speaking faster are identical
for the long and the short systems.
When comparing the percent change of the vowel
space size with total vowel space size at normal reading tempo (the left-side maps in Figs. 6 and 7), we
get a quite surprising result. Fig. 8 shows a negative
correlation of vowel space size in normal tempo with
amount of reduction when reading faster. The regression models are highly significant (Long vowel system (left): F(1,160) = 271.9169; p < 0.001; Short vowel system (right): F(1,160) = 201.2398; p < 0.001).
So, we find that regions with a relatively large vowel
space in normal reading tempo show reduction of the
vowel space when reading faster. In regions where
people use a relatively small vowel space in normal
reading tempo, they enlarge it when reading faster.
Figure 8: Linear regressions, change of vowel
space size (%) in fast reading tempo by vowel space
size in normal reading tempo by place. Long vowel
system (left) and short vowel system (right).

As the vowel space size shows regional patterning,
we also find a related geolinguistic distribution of the
different strategies when speeding up the speaking
tempo (Fig. 7). The maps reflect how the strategies of
vowel space size change by increasing reading tempo.
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ABSTRACT
Acoustic cues, such as pitch, intensity and duration
can be used as indicators of emotional states of
speakers, among which pitch has been regarded as
one of the most salient cues in reflecting different
levels of emotional arousal. The current study
explores the relationship between pitch and the
ability of emotional prosody perception in
individuals with high-functioning autism (HFA) and
typically developing (TD) adolescents. An
identification task was conducted using Mandarin
emotional stimuli that varied in pitch level. Results
showed that HFA individuals had much worse
performance than TD individuals in emotional
prosody identification. TD group was more sensitive
to the change of pitch level than HFA group. The
effect of pitch in identifying happiness is higher than
that in identifying sadness.
Keywords: autism; pitch; prosody; emotional
perception
1. INTRODUCTION
Emotional prosody is featured by the changes of
acoustic cues, consisting of pitch, intensity, and
duration. Listeners can extract emotional
significance from these changeable acoustic cues to
infer speakers’ emotional states. This emotional
prosody recognition process is believed to be
mediated by a pathway that ran from the ear to
several stations in the brain [1].
Specificly, pitch envelope, which can reflect
different levels of emotional arousal, is among the
most important parameters in differentiating basic
emotions [2-4]. Justin and his colleagues [5] have
found that the higher the pitch value, the higher the
emotional arousal. Typically developing people have
no problems in perceiving, identifying and
expressing emotional states and even figure out
emotional fluctuation through subtle nuances in
frequency of sound. However, listeners with autism
spectrum disorder (ASD) were reported to be too
insensitive to decode emotional prosody. For
example, some researches found that autistic people
had disturbance in emotional perception, which may
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lead to their disability in emotional expression [6-9].
In contrast, studies on prosody production showed
that individuals with ASD had increased pitch range
and pitch variation in both conversation and
structured communication [10-13], suggesting that
they did process pitch as a salient indicator of
affective differences [10].
Considering the above aspects, the current study
aims to explore: 1) whether patients with highfunctioning autism show impaired ability of
emotional prosody perception; 2) how pitch changes
affect emotional prosody perception.
2. METHOD
2.1. Participants

12 children (11 boys and 1 girl) with highfunctioning autism were recruited as an
experimental group (HFA group) from an autism
charity organization in Shanghai. All participants
were diagnosed in hospitals according to the
standard clinical criteria revised by American
Psychiatric Association [14]. The mean age of all
participants in the HFA group was 11.83 (sd=3.460).
21 typically developing subjects (4 males and 17
females) were recruited as a control group (TD
group) among postgraduate students from an
university in Shanghai. The mean age of all
participants in the TD group was 23(sd= 0.632).
Participants signed a consent form before the
experiment and received 60 yuan as compensation
for their time. They reported no problems with
hearing.
2.2. Stimuli

The speech stimuli were a Mandarin sentence “我不
敢相信这是真的(I can’t believe it’s true)” recorded
with three emotions, i.e., happiness, sadness, and
neutral, by a female native speaker who had acting
experience. The sentence itself was semantically
neutral and suitable to convey different emotions.
The sampling rate of the recording was 44.1KHz,
and the sampling accuracy was 16 bits.

To rule out the possibility that other speech
parameters, except for pitch, will affect the results,
duration and intensity of all stimuli were normalized
in accordance with that of the neutral stimulus by
Praat.
Two pitch continua were synthesized using Praat
on the basis of happiness and sadness templates. The
pitch of each template was manipulated into 10 steps
with a step size of 1 semitone, which was close to
the just-noticeable difference in speech perception
[15]. Table 1 and 2 explain how pitch value was
adjusted. Stimulus 6 of happiness and stimulus 5 of
sadness were original recordings, labeled as 0. The
symbol “ + ” means increasing semitones and the
symbol “-” means decreasing semitones. “+2” means
increasing 2 semitones on the basis of the original
stimulus. Similarly, “ -2 ” means decreasing 2
semitones on the basis of the original stimulus.

with correctness feedback prior to the experimental
block. A fixation using “+” was shown before each
trial to draw subjects’ attention. Three choices
marked as happiness, neutral, and sadness in
Mandarin were presented horizontally on the screen.
Each subject’s response and response time were
recorded.
Figure 1: The experimental design using E-prime.
Introduction

Three stimuli: happy, sad
and neutral; one for each;
feedback

Semitone
-5
-4
-3
-2
-1
0
+1
+2
+3
+4

Pitch(Hz)
245
260
274
291
305
326
347
367
389
412

(S1)
(S2)
(S3)
(S4)
(S5)
(S6)
(S7)
(S8)
(S9)
(S10)

Semitone
-4
-3
-2
-1
0
+1
+2
+3
+4
+5

Conclusion

60 stimuli appear randomly;
once for each; no feedback;
record RT, ACC.

2.4. Procedure

Prior to testing, a brief introduction to the
experiment and an explanation to the emotional
prosody were made to both high-functioning autism
group and typically developing group. For autistic
children who faced difficulty to understand the
experiment, some examples of the emotional stimuli
were exhibited to them until they comprehended.
Each participant completed the experiment in a
quiet room under the help with the researchers.
Participants were required to sit before a laptop,
listen to each stimulus carefully, and select the most
appropriate emotion (i.e., happiness, neutral, and
sadness) by pressing f, b, j on the keyboard
respectively. The experiment lasted about 10
minutes for TD subjects and about 15 minutes for
autistic subjects. Finally, 2 children with HFA failed
to finish the experiment and were excluded from this
study. Therefore, we collected complete results from
10 out of 12 children with high-functioning autism
and from all 21 typically developing adolescents.

Table 2: Pitch continua of sadness stimuli.

Stimuli
Sad stimulus 1
Sad stimulus 2
Sad stimulus 3
Sad stimulus 4
Sad stimulus 5
Sad stimulus 6
Sad stimulus 7
Sad stimulus 8
Sad stimulus 9
Sad stimulus10

Experimental
section

The Flow Diagram of E-prime

Table 1: Pitch continua of happiness stimuli.

Stimuli
Happy stimulus 1 (H1)
Happy stimulus 2 (H2)
Happy stimulus 3 (H3)
Happy stimulus 4 (H4)
Happy stimulus 5 (H5)
Happy stimulus 6 (H6)
Happy stimulus 7 (H7)
Happy stimulus 8 (H8)
Happy stimulus 9 (H9)
Happy stimulus10(H10)

Practice

Pitch(Hz)
209
221
233
249
263
277
295
309
330
346

3. RESULTS

2.3. Experimental Design

An identification experiment was designed using Eprime software as shown in Figure 1. 10 happiness
stimuli and 10 sadness stimuli were used in the
experiment. 10 repetitions of the neutral recording
were also added as fillers. All 30 stimuli were
played twice randomly in one block, and 3 stimuli of
each emotion were presented in a practice block
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The identification rates of two groups for each
emotion were exhibited in table 3. Generally
speaking, TD group performed much better than
HFA group. The identification rates of three
emotions were more than 90% in TD group, whereas
they were about 60% in HFA group, which was less
than twice the chance level (33.3% in this study).
Table 3: Identification rates of emotions in HFA
group and TD group.

Happy

Neutral

Sad

TD

92.86%

97.62%

98.1%

HFA

64.5%

59%

64%

In order to determine whether the numerical
difference between identification rates was
statistically significant, we fitted a linear mixedeffect model to the identification rate using subject
group (HFA and TD) and emotion (happiness,
neutral, sadness) as fixed factors, and stimuli as a
random factor.
The results showed a significant effect of group
(X2 = 264.5679, df = 1, p < 0.001), suggesting that
the identification rate of HFA group was
significantly worse than TD group. The effect of
emotion was not significant (X2 = 0.6462, df = 2, p >
0.05), nor was the interaction between group and
emotion (X2 = 2.1376, df = 2, p > 0.05), indicating
that three emotions were perceived similarly across
groups.

Figure 3: Identification curves of sadness in TD
group.

3.1. TD group

The following figures illustrate the identification
rate of each pitch step for happiness and sadness
continua in TD group.
As shown in Figure 2, for identifying happiness,
TD group’s performance got better as pitch value
increased. When pitch value was up to stimulus 5
(309Hz), all TD subjects showed no trouble in
identifying happiness. The results suggested that the
increase of pitch may enhance TD group’s
perception of happiness.
In identifying sad emotion, the result did not go as
our expectation, i.e., when pitch went lower, the
identification of sadness should have been higher
since low arousal emotion was characterized as low
pitch. Listeners made most mistakes in sad stimulus
1 (209hz) and sad stimulus 2 (221hz). From sad
stimulus 4 (249Hz) to sad stimulus 9 (330Hz), all
participants made no mistakes.
With the data of pitch and accuracy, a simple liner
regression was conducted by R. According to the
fitting model, every one semitone rise in pitch value
led to 3.2 percentage points significant rise in
accuracy of identifying happy stimuli [F(1,8)=15.59,
p=0.004, SE=0.008, t=3.948].
To sum up, typically developing adolescents
showed no difficulty in identifying basic emotions.
As pitch increased, TD group had a significantly
better perception of happiness.
Figure 2: Identification curves of happiness in TD
group.
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3.2. HFA group

Figure 4 and 5 show the identification rate of each
pitch step for happiness and sadness continua in
HFA group. Compared with TD group, the overall
identification curves were rather lower. Specifically,
in figure 4, the overall trend of the curve was
climbing, which was similar to that of TD group. For
stimulus 1, 2, 3 with lowered pitch, the identification
rates were around 40%, which was close to the
chance level, indicating that HFA couldn’t decode
happiness successfully when pitch was less than 274
Hz in this study. We further conducted a simple liner
regression by R. Results showed that every one
semitone rise in pitch value lead to 4.8 percentage
points significant rise in accuracy of identifying
happy stimuli [F(1,8)=16.89, p=0.0034, SE=0.012,
t=4.1].
In identifying sadness as shown in Figure 5, the
identification curve did not show a declining trend
as our expectation, which was similar to that of TD
group. Except for the first two stimuli in which most
participants have trouble in identifying them
successfully, the rest stimuli showed a rather closely
accuracy rate, fluctuating around the level of 70%.
To sum up, with the rise in pitch, participants ’
ability to identifying happiness will improve
significantly. HFA group has better performance in
identifying happiness expressed in voice than
identifying sadness.

Figure 4: Identification curves of happiness in
HFA group.

Figure 5: Identification curves of sadness in HFA
group.

4. DISCUSSION
This study tried to explore the effect of pitch on the
ability of emotional prosody perception between
high-functioning autism group and typically
developing group. Results showed that HFA
children had lower identification rates than TD
adolescents in decoding happiness, neutral, and
sadness. TD group was more sensitive to pitch
changes than HFA group.
Specifically, participants in TD group had the
ability to perceive and identify emotions through
pitch change. Especially in identifying happy
emotion, there was a clear positive correlation
between accuracy rate and pitch change. When pitch
reached round 300 Hz, subjects were more likely to
perceive the happy emotion.
Second, it is harder for individuals with HFA to
identify sadness than identifying happiness, which
may result from the fact that happiness is one of the
high-arousal emotions but sadness is one of the lowarousal emotions. For children bearing emotional
disorder, to perceive sadness is more difficult. Their
performance in happiness identification is better,
which was confirmed by a simple liner regression
analysis with a significant positive correlation
between identification rate and pitch value.
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Third, both groups have difficulty in identifying
the first two sad stimuli. Both sad emotion and
neutral emotion belong to low-pitch emotions. So
low accuracy rate in both groups may be ascribed to
the too low pitch. When pitch value is adjusted
below 233Hz, which is also neutral stimuli’s pitch
value, listeners are likely to be confused by the low
pitch and regard it as neutral emotion.
Fourth, both group had difficulty in identifying
the first two sad stimuli. Both sad emotion and
neutral emotion belong to low-pitch emotions. So
low accuracy rate in both group may be ascribed to
the lower pitch for a female speaker. When pitch
value was adjusted below 233Hz, which was close to
neutral stimuli’s pitch value, listeners were likely to
be confused by the low pitch and regarded it as
neutral emotion.
Fifth, in both groups, pitch plays an important role
in identifying happiness. However, the effect of
pitch seems to be reduced when identifying sadness
for both groups.
As an ongoing project, the current study lies in
some limitations. First, the different identification
performances may be due to the aging effect of two
subject groups. Further study should recruit typical
developing children with matched age with the HFA
children. Second, the acoustic patterns of stimuli
should be better controlled so that they only vary in
pitch. Therefore, future researches can use synthetic
speech to generate the three emotions. Third, the
pitch step could be enlarged from 1st to 5st so that
the effect of pitch change in identifying emotions
may be clearer especially for individuals with autism.
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In terms of lexical tone perception, ample evidence
has demonstrated that Mandarin tone perception
exhibits a typical CP for NH native adult listeners e.g.
[18, 22-23], and for paediatric listeners e.g. [3, 28]. In
a developmental study, Chen et al. [3] revealed that
CP of Mandarin tones emerges no later than 4-year
old for NH native children. Moreover, their tonal
categorization ability gets refined gradually with the
accumulating perceptual exposure of the tonal
information as they grow older. However, it remains
unclear whether Mandarin cochlear implanted
children with a similar age can perceive Mandarin
tones categorically.
Cochlear implant (CI) electrically stimulates the
surviving auditory nerves by 12 to 22 implanted
electrodes to partially restore hearing sensation for
individuals with sever-to-profound hearing loss.
However, the fundamental frequency (F0) of
incoming sounds is weakly represented with these
limited numbers of electrodes [4, 20]. Since the F0
information is the acoustic correlates for pitch, pitch
perception poses a unique challenge for CI users. As
a result, they perform poorly in pitch-related
perceptual tasks, which has been documented in
abundant research e.g. [6, 9, 18-19].
For CI recipients with some residual acoustic
hearing, a potentially beneficial intervention is to fit
a hearing aid (HA) in the non-implanted ear (i.e.
bimodal hearing). The low frequency provided by an
HA may complement the inadequate F0 information
from a CI [11, 15, 27]. The bimodal hearing is
postulated to benefit speech perception, the pitch
perception in particular. The bimodal benefit, the
improved performance in the CI + HA device
condition in comparison with the CI only condition,
is demonstrated in previous studies regarding prosody
perception (e.g. [21]) and music perception (e.g. [11]).
The reports on bimodal effect for lexical tone
perception are, however, scarce and inconsistent. For
lexical tone identification task, some studies found no
bimodal benefit in quiet [12, 25], while others showed
evident benefits [1, 14, 16]. In this investigation,
classical tasks of CP were exploited to flesh out the
bimodal effect for Mandarin tone perception. Given
that the tonal CP tasks depend primarily on pitch cues,

ABSTRACT
Bimodal hearing with the combined use of a cochlear
implant (CI) and a contralateral hearing aid (HA) has
been demonstrated beneficial for deaf individuals in
many aspects of speech perception. However, it
remains inconsistent whether CI users can obtain
bimodal benefit in lexical tone perception. To
disentangle this question, Mandarin-speaking
children using a CI and an HA in opposite ears were
recruited to conduct perceptual tasks with a tonal
continuum varying from Tone 1 to Tone 2. All
participants were assessed with CI only and CI + HA
conditions. Results showed typical S-shaped
functions for the identification curves in both device
conditions. Moreover, a sharper identification
boundary and a higher peakedness score have been
exhibited for the CI + HA relative to the CI only
condition. The findings suggested that CI children on
the whole show categorical perception for Mandarin
tones and bimodal hearing could enhance their tonal
categorization ability.
Keywords: bimodal hearing, categorical perception,
Mandarin tones, cochlear implant, hearing aid.
1. INTRODUCTION
In Mandarin Chinese, tone recognition is crucial for
speech perception, since it distinguishes lexical
meanings of a word. Mandarin tones can be classified
into four categories on the basis of pitch height and
pitch contour: Tone 1 (T1, high-flat), Tone 2 (T2,
mid-rising), Tone 3 (T3, falling-rising), and Tone 4
(T4, high-falling) [2]. Mandarin normal-hearing
listeners can recognize tone categories effortlessly
both in isolated and continuous speech [26].
Categorical perception (CP), in speech perception
domain, refers to the phenomenon of discrete
perceptual warping in a stimulus continuum with
equal physical intervals, resulting in a better
discrimination for stimuli across different phonemic
categories than for stimuli within the same category
[13]. CP indicates the fine-grained phonemic
categorization ability, mapping the acoustic signals
with infinite variability onto a finite set of phonemes.

889

the bimodal effect is hypothesized to be more robust
in this study.
In summary, the present study aims to (1) examine
the tonal CP in Mandarin children using a CI and a
contralateral HA; and (2) delineate bimodal effect via
comparing CP outcome of CI +HA with that of CI
only. Findings of this study will shed some light on
clinical practices for the paediatric deafness.

2.3. Procedure

All participants were instructed to complete two tests,
including identification task and discrimination task,
in a sound-treated therapy room. The E-prime 2.0
software was used to control the tests. The tonal
stimulus was delivered via a loudspeaker about one
meter away from the participant. Supporting pictures
were used for both tasks to ensure the children follow
the task requirements.
For the identification task, children were firstly
instructed to point to the matching pictures for
different tones. The picture depicting a car driving on
a level road stands for T1, while the other picture of a
car driving on a rising road represents T2. Then a
practice block with six stimuli was presented, which
contains two endpoints of the tonal continuum. The
formal test would start after an accuracy of 90% was
obtained. The participant made a response by
pointing at the matching picture while the
experimenter pressed the corresponding key to record
the participant’s response. Two sessions were
prepared with the seven tonal stimuli repeated five
times in each session, resulting in a total of 70stimulus presentation in a randomized order.
For the discrimination task, an instruction phase
and a practice phase were presented before the formal
test. In the formal test, 17 contrastive pairs were
constructed with an inter-stimulus interval (ISI) of
500 ms. Among the 17 pairs, 10 of them were the
different pair with two steps (i.e. 30 Hz) separating
the two tonal stimuli in each pair (e.g. 1-3), and the
other 7 were the same pair with a tonal stimulus
pairing with itself (e.g. 1-1). All contrastive pairs
were repeated three times within the first session and
twice within the second one. In total, 85 pairs were
randomly presented.
Both tasks were examined in two device
conditions: CI only and CI + HA. Two conditions
were tested in a counterbalanced order across the
participants in separated days. Approximately, 35
minutes lasted for each device condition, and child
participants were free to have breaks between or
within test sessions.

2. MATERIALS AND METHODS
2.1. Participants

Twelve native Mandarin children between 4.1 and 6.6
years (5 females; M = 5.3, SD = 0.7) who were
implanted unilaterally and used a contralateral HA
were recruited in this study (see Table 1 for detailed
demographic information). The Hiskey–Nebraska
Test of Learning Aptitude (HNTLA) [8] was adopted
to confirm a normal nonverbal intelligence of each
participant.
2.2. Materials

The Mandarin syllable /i/ with T1 and T2 were
selected as the endpoints for the synthesis of the tonal
continuum. /i/ with T1 recorded from a female native
Mandarin-speaking adult served as the template
token. Based on the template token, a series of seven
tonal stimuli in the continuum were re-synthesized
using the Pitch-Synchronous Overlap Add (PSOLA)
implemented in Praat. The stimulus No. 1 and No. 7
were the two endpoints of the continuum, which
represented T1 and T2 respectively. For each tonal
stimulus, the F0 transited from the onset (ranging
from 160 to 250 Hz, with a step of 15 Hz) to the offset
(fixed at 250 Hz). F0 was the only acoustic cue for
manipulation, and the amplitude and duration were
kept constant across all stimuli to 70 dB SPL and 400
ms, respectively.
Table 1: Demographic information for the child
participants. Ages and durations were in years.
Subject
(Sex)
1 (F)
2 (F)
3 (M)
4 (F)
5 (F)
6 (F)
7 (M)
8 (M)
9 (M)
10 (M)
11 (M)
12 (M)

Age
at test
5.4
4.7
5.7
5.6
5.8
5
4.1
5.6
5.3
4.7
4.7
6.6

Age at
CI
3
1.2
1.7
3.3
1
1.4
0.9
2.7
2.7
1
1.4
1.4

CI
duration
2.4
3.5
4
2.3
4.8
3.6
3.2
2.9
2.6
3.7
3.3
5.2

Age at
HA
3.7
1.1
1.5
2.4
3.7
3.3
0.6
2.2
3.6
0.6
2.6
4.6

HA
duration
1.7
3.6
4.2
3.2
2.1
1.7
3.5
3.4
1.7
4.1
2.1
2

2.4. Data analysis

In order to reveal the tonal CP performance in
paediatric CI users with an HA in the non-implanted
ear, identification score and discrimination score
were calculated for statistical analysis.
The identification score was defined as the
averaged percentage response for T1 or T2. Two key
parameters of identification score were estimated:
boundary position (i.e. 50% cross-over point) and
boundary width (i.e. the linear distance between 25%
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and 75%). Probit analysis [5] was adopted to assess
the two parameters.
The discrimination score (P value) was defined as
the accuracy rate in discrimination task, which was
calculated according to the formula in Xu et al. [23].
Moreover, following the instructions described
specifically in Chen et al. [3], we divided the
discrimination accuracies into two types: the
between-category accuracy and the within-category
accuracy. In addition, the peakedness score was
calculated as the difference between the two accuracy
types, which represents the magnitude of the benefit
for the between-category accuracy relative to the
within-category accuracy [10].

category and within category accuracies for the CI
only and CI + HA conditions, respectively, were
68.06%, 62.93%, 70.73%, and 58.43%. As a result,
the averaged peakedness score was 5.13% for the CI
only condition and 12.3% for the CI + HA condition.
Repeated measures ANOVA with device condition
and accuracy type as within-subject factor showed a
main effect of accuracy type (F (1, 11) = 18.19, p =
0.001), but not the device condition, nor the
interaction. In addition, the peakedness score was
significantly higher in the CI + HA condition than in
the CI only condition (t (11) = 2.56, p = 0.027).

3. RESULTS
3.1. Identification and discrimination curves

The identification and discrimination curves for
Mandarin CI children using a contralateral HA were
shown in Fig. 1 for different device conditions of CI
only and CI + HA. As depicted in the figures, typical
S shapes were shown for the identification curves. In
addition, the categorical boundary and the
corresponding discrimination peak were found
prominent in both device conditions.

CI only

% score of response

100

90

80

80

60

70

40

60

T1
T2

20

50

Acc (P)

0

40
1

3.2. Position and width of categorical boundary

2

3

4

5

6

% discrimination accuracy

Figure 1: Identification and discrimination curves
for different device conditions. The left y-axis
indicates the identification score of T1 or T2
response, while the right y-axis indicates the
discrimination accuracy (ACC (P)).

7

The estimated average boundary position for the CI
only and CI + HA device conditions were 3.86 and
3.93, respectively. Results of paired-samples T test
revealed that the categorical boundary positions were
not significantly different between the two device
conditions (t (11) = -0.69, p = 0.5). The mean
boundary width for the CI condition was 2.11,
whereas it was 1.51 for the CI + HA condition. A
significant difference was found between the two
conditions (t (11) = 3.08, p = 0.01). Noted that one
outlier (see Fig. 2) was shown in the CI + HA
condition. The difference between the two device
conditions remains significant even when the outlier
was removed (t (10) = 2.82, p = 0.018).

CI + HA
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Stimulus number

Figure 2: Boxplots of boundary width for CI only
and CI + HA conditions. The bold line inside the
boxes indicates the median, and the upper and lower
boundaries of the box mark the upper and lower
quartiles.

3.3. Discrimination accuracy

For the CI only condition, the discrimination peak
was 72.64% at the tonal contrast of 3-5, which
straddles the boundary position at 3.86. In addition,
for the CI + HA condition, the discrimination
accuracy reaches the maximum (i.e. 73.58%) at 3-5,
and the discrimination peak also aligns well with the
corresponding boundary position at 3.93.
The discrimination accuracies were further
divided into the between-category type and the
within-category type (see Fig. 3). The between-
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% discrimination accuracy

Stimulus number

Figure 3: Discrimination accuracy of betweencategory type and within-category type for the two
device conditions.

with inconsistent results on whether CI users can
receive bimodal benefit in lexical tone recognition.
For instance, in the studies of Yuen et al. [25] and Li
et al. [12], no bimodal effect was found. On the
contrary, Chang et al. [1] and Luo et al. [14] both
revealed a significant bimodal effect. Apparently,
differences in testing materials, experimental
paradigms, and subjects could account for the
inconsistencies among previous studies.
Implementing a refined manipulation of F0
information, the present study showed a significantly
narrower boundary width for the CI + HA than the CI
only condition, indicating a sharper categorical
boundary for the bimodal-hearing condition. The
sharper boundary came from the higher identification
acuity for the ambiguous stimuli in the middle part of
the continuum, which suggested a more categoricallike perception. The bimodal benefit found in this
study indicated that the binaural bimodal hearing
could improve some Mandarin CI children’s
phonemic categorization ability in lexical tone
identification. Noted that the tonal stimuli used in this
study were manipulated only on the F0 information,
while keeping all other acoustic cues constant. CI
participants in this study were unable to take full
advantage of the secondary tonal cues, such as
duration and amplitude envelope, which are supposed
to facilitate their tonal perceptual performance [18].
Therefore, the improved tonal categorization was due
to the supplemental F0 information provided by the
contralateral HA, which complemented the
inadequate low-frequency resolution from the CI.

4. DISCUSSION
The current study investigated the tonal CP in
Mandarin children using a CI and a contralateral HA.
Characteristics of CP were exhibited in the perception
of T1 and T2 for both the CI only and the CI +HA
device conditions. Moreover, a significantly narrower
boundary width and higher peakedness score were
revealed for the CI + HA than for the CI only
condition, suggesting a bimodal effect in the tonal
categorization among Mandarin paediatric CI users.
The major characteristics of CP, as generalized by
Liberman et al. [13], were a sharp identification
boundary between two phonemic categories and a
prominent discrimination peak straddling the
identification boundary. In this study, typical Sshaped functions were shown in all identification
curves. In addition, prominent discrimination peaks
were well aligned with the corresponding categorical
boundaries for both device conditions. Moreover,
statistical analyses revealed a significantly higher
discrimination accuracy for the between-category
type than for the within-category type in both device
conditions. All the results converged to a conclusion
that Mandarin CI children can perceive Mandarin
tones categorically. This finding echoes a report
recruiting a group of Mandarin CI children with an
age range of 4.1 to 5.5 years [7]. Although
discrimination task was not involved in that study, the
results showed sharp categorical boundaries for both
continua of T1-T2 and T1-T4. Therefore, it is
reasonable to conclude that Mandarin CI children
around 5-year of age, as their NH age mates, can
acquire CP ability for Mandarin tones as speech
exposure is being gradually accumulated, regardless
of the notorious limitations of the CI device in
transmitting F0 information.
The binaural bimodal fitting is supposed to be
beneficial for Mandarin tone perception, with the
integration of electric hearing from the CI and the
residual low-frequency acoustic hearing from the HA
[15]. The bimodal benefit in Mandarin tone
recognition has been verified evident in noise [12],
[24]. In quiet, however, there are limited research

5. CONCLUSION
In conclusion, paediatric Mandarin CI users are able
to extract useful pitch information and perceive
lexical tones categorically, despite the well-known
degraded spectral and temporal signals provided by
the CI device. Moreover, the additional HA in the
non-implanted ear evoked more categorical-like
perception for Mandarin tones, suggesting an
improved tonal categorization with the integration of
residual low-frequency acoustic hearing and the
electric hearing. The findings support the clinical trial
of fitting a contralateral HA in the non-implanted ear
for potential benefits in lexical tone perception among
native Mandarin-speaking CI children.
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ABSTRACT

toward sounds represented orthographically [7].
Perceptual recalibration has also been induced
by the actions of the listener. Shiller [13] demonstrated that following exposure to altered auditory
feedback, participants not only exhibit shifts in production, but also in perception; yet participants exposed to shifted auditory stimuli without producing
simultaneous articulations exhibit no such recalibration. These findings suggest a role of haptic feedback and/or motor planning in inducing recalibration. Similarly, Scott [12] demonstrated that Arabic
listeners exhibit recalibration following exposure to
ambiguous /b/-/d/ stimuli when they silently articulate one end of the continuum in sync to the auditory
stimuli, suggesting a role of feedback/planning even
when the listener is overtly aware that their articulations are not producing the auditory signal. Furthermore, Scott observed a similar effect when the
speech is merely imagined, with listeners exhibiting
recalibration following saying one of the sounds in
their head without moving any articulators.
For perceptual recalibration from speech articulation or speech imagery, it is not immediately clear
whether distributional learning resulting from the
activation of a phonetic category alone is enough
to induce recalibration [8], or whether the motor
system is recruited through speech planning, haptic feedback or activated haptic sensations. Forward
models of speech perception suggest that an individual’s motor system is only consulted as needed, like
when dealing with ambiguous sounds [10] or speech
imagery [14]. This results in the activation of haptic sensations in the brain, even for imagined speech
where no haptic feedback is received.
The present study examines Kim, an individual
with a unique congenital neuropathy that means she
receives no haptic feedback from articulation. We
ask if she exhibits any differences in patterns of
perceptual recalibration as a result of mouthed or
imagined speech compared to a control group with
no reported neurological impairments. As imagined speech has been demonstrated to yield motor
planning and activation of haptic sensations [14],
no difference is predicted between the imagined or
mouthed speech for either Kim or the control group.

Perceptual recalibration is the lasting effect of adjustments in category boundaries as a result of nonauditory stimuli, including speech imagery [12], i.e.
silent and imagined articulations. The present study
examines perceptual recalibration from speech imagery in American English sibilants and asks what
role haptic feedback and the recruitment of the motor system play in perceptual recalibration. We compare a control group to Kim, a woman with a unique
congenital neuropathy who lacks all somatosensation. The results of this study find evidence for perceptual recalibration from both silent and imagined
articulations in the control group, but no evidence
for recalibration in either condition for Kim. These
findings suggest that perceptual recalibration from
speech imagery may require the activation of haptic
sensations even when the articulators are immobile.
Keywords: perceptual recalibration, speech imagery, haptic feedback, sensory neuropathy
1. INTRODUCTION
Speech perception is a dynamic process, with category boundaries between speech sounds constantly
shifting, often in response to non-auditory stimuli.
Perceptual recalibration is the aftereffect of those
adjustments, resulting from exposure to an ambiguous sound paired with non-auditory information that
biases categorization in one direction or another.
Lexical factors bias listeners to hear words over
non-words – the Ganong effect [6] – which persists
after exposure to induce perceptual recalibration.
Norris et al. [9] demonstrated that following exposure to repetitions of the Ganong effect, listeners are
more likely to categorize an ambiguous sound as belonging to the category that yielded a lexical word
in the exposure period. Similar patterns of recalibration have been observed for phonotactic information, with listeners biased toward sounds that resulted in licit clusters [5]; visual information, with
listeners biased toward sounds reinforced by visual
articulations [3]; and reading, with listeners biased
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If category activation alone induces recalibration,
this predicts Kim should exhibit recalibration in both
mouthed and imagined speech. If haptic feedback
and haptic sensations are necessary to induce recalibration, this predicts Kim should not exhibit recalibration from either mouthed or imagined speech.

3.1. Participants

Twenty-nine undergraduate students (mean age 20)
at the University of Chicago were recruited for the
control group and received course credit for their
participation. All participants were native speakers
of American English. Thirteen participants identified as female, fifteen as male, and two as genderqueer. No participants reported neurological or
speech disorders/abnormalities. One additional participant took part in the study but was not included
in the analysis due to non-attentive responses.

2. CASE STUDY: KIM
Kim is a thirty-nine-year-old American female with
a severe one-of-a-kind variant of Hereditary Sensory
Autonomic Neuropathy (HSAN) Type II [1]. She
lacks both small- and large-fiber somatosensory afferents on her body, head, and oral cavity. She has no
tracheal sensation and does not cough in response to
liquids entering her trachea. However, Kim has intact motor nerves and muscle strength. For example
she can cough deliberately. Kim is motorically limited due to her lack of sensory feedback. She has no
reflexes and cannot stand or walk independently nor
can she chew, spit or suck.
Kim had maxillary hypoplasia, mandibular prognathism, frontal bossing and a “fish mouth” at birth.
At age seventeen, Kim underwent successful facial
reconstruction surgery to bring out the maxilla and
correct a Class III malocclusion by reducing the
mandibular protrusion. A LeFort 1 osteotomy, bilateral sagittal split ramus osteotomy, and horizontal anterior osteotomy of the mandible were performed. Kim attended speech therapy as a child,
yet she remains unable to produce a complete bilabial constriction and her bilabials are noticeably
non-standard at slower speech rates.
Without somatosensation, Kim is presented with
a unique challenge for speech production: she receives no tactile feedback from a constriction or
bracing of the tongue body, no proprioceptive information about the position of her articulators, and
no sensation of pressure building behind a constriction. This suggests that for Kim speech planning
must involve exclusively acoustic rather than articulatory goals and bars the activation of haptic sensations during speech imagery and perception.

3.2. Stimuli

A twenty-one step continuum from /s/ to /S/ was
created from natural speech produced by a twentyseven-year-old male speaker of American English.
The sibilant onsets from sin and shin were extracted and digitally mixed using a custom Praat [4]
script with twenty-one different scaling ratios, including the extreme endpoints (0%[s]–100%[S] and
100%[s]–0%[S]). The manipulated sibilant onsets
were then cross-spliced onto a separate token of sin,
creating a continuum from sin to shin.
3.3. Procedure

Experimentation for the control group took place in
an isolated double-walled sound booth, while Kim
participated in a quiet wheelchair accessible room.
All participants were seated in front of a monitor and
fitted with Sennheiser HD 555 headphones.
In a pretest, an individual threshold between /s/
and /S/ was identified for each participant. Each step
of the continuum was played 4 times binaurally and
participants responded by typing either 0 or 1 corresponding to an orthographic representation on the
monitor. Key assignment was counterbalanced between subjects. A potential threshold was identified
as a step that received two categorizations as both /s/
and /S/. If multiple steps exhibited split categorization, the median was selected as the threshold.
After a threshold was selected, participants alternated between four repetitions of each of the four
conditions. Each block was subdivided into exposure and test phases. In the exposure phase, participants were exposed to eight repetitions of their
identified threshold between /s/ and /S/ with 1500 ms
silence between repetitions. A pulsing yellow-tored circle was presented in the middle of the screen,
timed to the repetition of the audio tokens. In the
MOUTHED condition, participants were instructed to
‘silently mouth [sin or shin] to beat of the pulsing
circle’ and were told to think of it as ‘lip syncing’.

3. METHODS
The present study was designed to test the role
of haptic feedback in perceptual recalibration from
speech imagery, building off the findings of Scott
[12]. For this experiment, there were two speech imagery conditions: ‘enacted’ (MOUTHED) and ‘pure’
(IMAGINED). There were two word conditions (sin
and shin), yielding a 2 X 2 design. All participants
were tested on all conditions in alternating blocks.
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Figure 1: Mean and 95% confidence interval for percent shin responses on a five step continuum centered on each
individual’s threshold (x-axis) as a function of the speech imagery (panels) and repeated word (line/shape).

4. RESULTS

In the IMAGINED condition, participants were asked
to ‘say [sin or shin] in [their] head without moving
their mouth, lips or tongue.’ To avoid confusion between the different tasks, before the experiment began participants practiced the different tasks with the
researcher present using a [b]ear to [p]ear continuum. In order to ensure that participants were accurately implementing the intended conditions for
each block, participants responded to each prompt
by typing the intended word (sin or shin) and image (mouth or imagine).
Immediately following the exposure phase, there
was a 2500 ms pause after which participants were
asked to categorize two repetitions of a five-step
continuum, defined as their threshold plus two and
four steps above and below their threshold. The setup of the test phase was identical to the pretest.

There were initial concerns that in the absence of visual feedback, e.g. from a mirror, Kim would have
difficulty consistently producing silent articulations
without feedback of any kind: the task necessitated
the lack of auditory feedback and Kim has no access
to haptic feedback. Nevertheless, Kim produced
silent articulations in the MOUTHED condition consistently to the beat of the pulsing circle. However,
in the IMAGINED condition, Kim occasionally exhibited unintended labial and possibly lingual movements, which appeared to be significantly reduced
compared to the MOUTHED condition. None of the
subjects in the control group were observed to produce silent articulations in the IMAGINED condition.
Beginning with the control group, Figure 1 plots
the proportion of shin responses, illustrating a noticeable difference in stimuli categorization depending whether individuals repeated sin or shin in both
the IMAGINED and MOUTHED conditions. Specifically, regardless of image condition, individuals
were more likely to categorize their threshold token as shin if the word repeated was shin than if it
was sin. These observations were supported by the
model with a significant increase in shin responses if
the repeated W ORD was shin (z = 3.64, p < 0.001)
in addition to a significant increase in shin responses
as higher (i.e. more-/S/) steps (z = 35.31, p < 0.001).
This appears to extend to a lesser degree in tokens two steps above individuals’ thresholds in the
MOUTHED condition but not the IMAGINED condition, however, this was not supported by the model

3.4. Analysis

Kim’s responses (/s/ or /S/) were modeled using
a generalized linear model with the glm() function in R [11]. The model included trial O RDER
(scaled), W ORD (SIN , SHIN), I MAGE (IMAGINED ,
MOUTHED ), S TEP (-4–4, scaled) and the immediately preceding P RIOR S TEP (-4–4, scaled) as independent variables. The control group responses
were modeled with the same explanatory variables
using a generalized linear mixed model with the
glmer() function [2]. Additionally, random intercepts for subject and O RDER and by-subject random
slopes for W ORD and I MAGE improved model likelihood, suggesting significant individual variability.
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Figure 2: Mean and 95% confidence interval for percent shin responses at individuals’ thresholds as a function of
speech imagery (x-axis) and repeated word (line/shape) for Kim (left panel) and the control group (right panel).

with no difference between image conditions.
Turning to Kim’s responses, Figure 2 compares
Kim’s responses at her identified threshold to those
of the control group. Visual inspection does not
suggest any difference in stimulus categorization as
a result of the repeated word in either the IMAG INED or MOUTHED condition. Likewise, the model
for Kim’s responses predicts no significant role of
W ORD or IMAGE condition. Unlike the control
group, Kim appears to exhibit a trial effect, with an
increased likelihood of shin responses as the experiment progresses.

sons independent of her sensory neuropathy, as significant individual variation was observed in the
control group, including a small minority of individuals who, like Kim, show no effect of the repeated
word. If her neuropathy is the root of her observed
pattern, it is additionally unclear at present whether
this is due to her contemporaneous lack of feedback
during articulation or a developmental effect, such
that she never received haptic feedback during language acquisition in order to later activate echos of
those sensations during speech imagery and speech
perception.
In addition, the recalibration effect appears to be
skewed toward /s/: responses following exposure to
sin are significantly biased away from /S/ responses,
but responses following exposure to shin remain
at 50%. This asymmetric distribution may be attributed to the stimuli creation, as the onset sibilant
was cross-spliced onto a naturally produced token
of sin, which may contain coarticulatory information biasing an /s/ response. This suggests that perceptual recalibration is stronger when the repeated
word aligns with the inherent coarticulatory biases
of the stimuli [9]. Otherwise, this asymmetry may
suggest that listeners are more familiar with variation in /s/ and thus more susceptible to recalibration
from silent articulations of /s/ than /S/.

5. CONCLUSIONS
The present study demonstrates that neither enacted
(MOUTHED) nor pure (IMAGINED) speech imagery
induces perceptual recalibration for an individual
who congenitally lacks all haptic feedback. In contrast, both forms of speech imagery induce recalibration for a control group who reported no neurological impairments, replicating and extending the
findings of Scott [12] to American English sibilants.
This contrast suggests that haptic feedback and activated haptic sensations, rather than speech sound
category activation or motor planning, may play a
crucial role in recalibration from speech imagery.
If Kim were to have exhibited recalibration, this
would have demonstrated that haptic sensations are
not required to induce perceptual recalibration. With
no observed recalibration, however, it is unclear
whether recalibration requires somatosensation or
whether Kim does not exhibit recalibration for rea-
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ABSTRACT
This study tested the effectiveness of different
techniques to train the production of a novel
consonant contrast. Native English speaker
participants completed a syllable repetition task
highlighting dental vs. retroflex consonants, followed
by training via: 1) static, midsagittal diagrammatic
visualization of the contrast, 2) online ultrasound
sagittal imaging of the participant’s tongue with the
midsagittal visualization, or 3) online ultrasound
imaging of the participant’s tongue with midsagittal
lingual ultrasound video of a native speaker’s
production.
A second repetition task followed training, and
ultrasound and acoustic data collected during the two
repetition tasks suggest that static training diagrams
and live lingual ultrasound feedback are effective aids
in the early stages of adult novel L2 contrast learning.
However, there appear to be limitations to their
combined effectiveness, as participants who were
exposed to both training methods behaved similarly
to control participants who received no training.
Keywords: L2 phonology,
ultrasound feedback

phonetic

training,

1. INTRODUCTION
Phonological acquisition is a recurrent challenge in
second language (L2) learning and instruction [5, 8,
11, 16, 25]; learners require both grammatical and
phonological skills to become proficient in a new
language. Explicit phonetic instruction, in which
learners are taught the articulatory mechanics for
producing new sounds, receives surprisingly little
attention in foreign language pedagogy research [1, 6,
21]. In L2 speech research, there is a similar lack of
focus on the mechanisms that drive phoneme
acquisition, whether for novel or experienced
contrasts. Inquiries tend to compare the predictive
capacities of theories of non-native acquisition to one
another [4, 12], or manipulate speech stimuli to train
learners on a novel contrast/phoneme [17, 20].
Here we focus on the mechanics behind L2
speech acquisition, a vital component of a complete
understanding of non-native acquisition. Does
explicit phonetic training – via static diagrammatic
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visualizations of the articulators and/or ultrasound
visual feedback – aid in the early formation of
contrast categories? If so, which training method
provides novice learners the strongest foundation?
In addressing these research questions, this work
brings together two lines of research that have
remained distinct: the applicability of learning
paradigms such as implicit and explicit phonetic
training to non-native speech acquisition [9, 14, 15,
26], and the effectiveness of live ultrasound feedback
for speech mediation [3, 10, 22].
Prior to using ultrasound, the primary methods to
relay articulatory information during L2 instruction
were electropalatography (EPG) [13], a costly and
time-consuming method, and electroglottography
(EGG) [18], which has limited applicability. Our
work adds to the growing number of studies
examining the effectiveness of ultrasound feedback
for L2 contrast learning [7, 27], especially the
incorporation of online ultrasound feedback [1, 6,
19]. In these studies, learners receive live visual
feedback of their lingual movement and positioning,
information that would typically be unavailable to
both learner and instructor. Learners exposed to such
visualization often demonstrate increased articulatory
and perceptual discrimination of a non-native contrast
compared to learners who do not. Here, we expand on
previous work by contrasting ultrasound feedback
training with diagram-based phonetic training for the
acquisition of a novel dental-retroflex stop contrast.
2. METHOD
2.1. Subjects and experimental groups

Forty-nine adult native speakers of American English
(13M, 36F) who reported no speech or hearing
disorders participated in this study. They were prescreened to filter out participants with experience
speaking any language with a dental vs. retroflex
contrast.
Every participant took part in two identical
repetition tasks, a pretest and a posttest, during which
acoustic and articulatory data were collected. In both
repetition tasks, the participant heard a single
stimulus, then repeated it to the best of their ability.
Stimuli were recordings of /CV/ and /VCV/ syllables
produced by a native Marathi speaker, where C was

one of the four consonants [ɖ, ʈ, d̪, t̪ ], and V was one
of the three vowels [i, a, u] (both vowels in any given
/VCV/ stimulus were the same quality). Participants
heard each stimulus 3 times per repetition task.
Between the pretest and posttest, participants
engaged in a ten-minute training phase that depended
on the condition to which they were randomly
assigned during intake. Participants were never given
any explicit verbal feedback from the researchers on
the quality of their productions.
• Control (CTL): Researcher engaged in casual
conversation with the participant.
• Phonetic training only (PT): Participant received
a short lesson on the distinction between retroflex
and dental articulation, with the support of midsagittal diagrams, shown in Figure 1, and were
given time to practice.
• Phonetic training with visual feedback (PTVF):
Participant received the same lesson as PT
participants and had access to ultrasound imaging
of their tongue while practicing.
• Visual feedback only (VF): Participants had
access to mid-sagittal ultrasound videos of the
model Marathi speaker producing retroflex and
dental stops and live ultrasound imaging of their
own tongue as visual aids while practicing.
2.2. Data Collection & Processing

Participants were seated in a sound-attenuated booth,
before a computer screen. They were instructed to
wait to hear the target stimulus, which was presented
over speakers located inside the booth. After
presentation of the stimulus item, participants were
instructed to wait until the screen indicated that it was
their turn to speak, and then to repeat the stimulus
they just heard. In all four trial conditions, an
experimenter joined the participant in the booth after
pretest to administer the training phase.
Ultrasound data were gathered during the pretest
and posttest phases, on an Ultrasonix SonixTablet
with a frame rate of 113 fps. The ultrasound
transducer was fixed to participants’ heads with an
ultrasound stabilization headset [24]. The acquisition
computer and the ultrasound engine were located
outside the booth, to reduce the extent that
Figure 1. Mid-sagittal diagram of dental (left)
and retroflex (right) articulations used as visual
aids in phonetic training.

900

mechanical noise would interfere with the recordings.
The ultrasound probe was passed through a small
acoustical foam filled hole in the side of the booth.
Audio from participants’ speech was combined with
hardware synchronization pulses generated by the
ultrasound engine as a 2-channel wav file.
2.3. Ultrasound Analysis

In this study, we were interested in learning what
form of training would give learners the greatest
“improvement” in novel contrast articulation.
However, it’s unclear precisely what constitutes an
improved articulation of a novel contrast. For
instance, a subject may learn a distinction between the
stimulus items but be unable to work out precisely
what that distinction is. In doing so, they may make
unintended articulatory differentiation. In this study,
we chose to focus on whether participants articulated
any distinction at all (instead of whether those
articulations were “correct”) and further whether
those articulations resulted in acoustic differences.
To this end, we calculated the change in
discriminability between articulations that followed
dental vs. retroflex prompts separately for both preand posttest trials. In this analysis, the acquisitions
were separated by vowel quality due to coarticulatory
influences from vowels overwhelming the influence
of place of articulation on tongue shape. For each trial
from each participant, the frame immediately
preceding the release of the target stop was identified.
Improvement from the pretest to posttest phase was
evaluated as a positive change in discriminability
between the set of retroflex attempts and the set of
dental attempts from the pretest to posttest phase.
We first used principal component analysis
(PCA) to reduce the dimensionality of the raw
ultrasound data, using the Python scikit-kit-learn
library [23]. A PC model was fit to each speaker’s full
set of stop constriction frames, and the loadings of the
20 PCs accounting for the most variance were
calculated for each frame. Then, to determine
discriminability, a linear discriminant model (LDA)
was trained on each speaker’s PCA-reduced frames,
labelled for target place of articulation, separated by
vowel quality and test phase.
These models were then used to predict place of
articulation within the same set of data, and a
discriminability index was calculated as the
proportion of trials in which the predicted place of
articulation matched the target place of articulation.
Finally, the change in discriminability index (ΔDI)
was calculated for each participant by subtracting
their pretest DI scores from their posttest DI scores,
representing the magnitude of “improvement” from
pre- to posttest. Thus, a participant with a positive

Figure 2. Articulatory ΔDI between pretest and
posttest phases, for the four test groups.

CTL

PT

PTVF

VF

ΔDI produced dental and retroflex consonants more
differently after training, and a participant with a
negative ΔDI produced dental and retroflex
consonants more similarly to each other after training.
2.4. Acoustic Analysis

In addition to analysing the ultrasound data, we
also performed acoustic analyses on each subject’s
repetitions during the pre- and posttest trials. We
suspected that our participants would make changes
to their productions that would not be reflected in the
ultrasound imaging. In particular, we thought it
plausible that participants might perceive differences
in the closure duration or VOT of the target
consonants, whether or not those differences were
real, and act on those distinctions rather than the
targeted lingual contrast.
Towards this goal, we measured the duration of
closure (for intervocalic consonants) and VOT, as
well as the first three formants (F1/F2/F3) at
0/10/20ms following release (for all stops) and
0/10/20ms before closure (for intervocalic stops), and
the relative amplitude of the stop release. Participants
for whom either acoustic or ultrasound data could not
be analysed were not included in the analysis (N=7).
Table 1 lists the number of participants in each test
condition whose data were included in the analysis.
3. RESULTS & DISCUSSION
3.1. Articulatory Results

Fig. 2 shows the overall ΔDI between pretest and
posttest for the four test groups. We performed a
linear mixed effects model, with ΔDI as the
Table 1: Participants included in analysis.
No phonetic
Phonetic
training
training
No visual feedback CTL: N=11
PT: N=11
Visual feedback
VF: N=12
PTVF: N=8
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dependent factor, Test Group as the independent
factor, and Vowel Quality as a random factor [2]. We
found that PT participants, who received only explicit
phonetic training, and VF participants, who received
only visual feedback training, improved their
articulatory discriminability after training, compared
to CTL participants (Group PT: β=0.035, t=2.001,
p=0.0476; Group VF: β=0.033, t=1.927, p=0.0564).
Releveling the Group factor showed no significant
difference in ΔDI between the PT and VF Groups
(β=-0.002, t=-0.118, p=0.9065), suggesting that the
two forms of guided articulatory instruction improved
participants’ ability to perceive and produce novel
articulatory contrasts equally well.
Surprisingly, PTVF participants, who received
both explicit phonetic training and visual feedback
during practice, showed no significant improvement
over CTL participants (β=0.000, t=-0.017, p=0.9866).
We note qualitatively, however, a great deal of
between-subject variability in the ΔDI in the PT
participants and especially in PTVF participants’ data
compared to the other three test groups. A Hartigans’
dip test for unimodality is suggestive but not
conclusive that PTVF participants’ ΔDI values may
be multimodal (D=0.094, p=0.0712), suggesting that
the paired training may have been very effective for
some PTVF participants, but not at all for others.
3.2. Acoustic Results

We performed a similar LDA on the 21 acoustic
measures as we did on the (PCA-reduced) articulatory
data: for each participant, the 21 acoustic measures
taken from their pretest and posttest repetition tasks
were used to train two separate LDA models, which
in turn were used to classify productions as being
dental or retroflex. ΔDI was calculated as the change
between pretest to posttest discriminability.
A one-way ANOVA showed a significant effect
of Group on acoustic ΔDI (F(3,38)=5.31, p=0.0037).
As shown in Fig. 3, VF participants improved in their
acoustic discrimination the most (Tukey post-hoc
test: CTL vs. VF, p=0.0042; PT vs. VF, p=0.0841;
PTVF vs. VF, p=0.0224). A separate t-test also
showed that CTL participants’ ΔDI values were not
significantly less than zero.
To determine which acoustic measurements
contributed most to the positive change in acoustic
ΔDI, we gathered the posttest LDA coefficients for
all 21 acoustic measures and ran a linear regression
between the posttest coefficients and acoustic ΔDI.
While this analysis revealed no significant
relationship between the coefficients for individual
acoustic measures and the propensity for positive ΔDI
(r2=-0.47, p=0.9848), we found noteworthy patterns
in the effect sizes for groups of acoustic

Figure 3. Acoustic ΔDI from pretest to posttest
phases, for the four test groups.

While we have no definitive answers, we speculate
that the training PTVF participants received may have
been “too much too fast;” they received effectively
twice as much training as PT and VF participants
without twice as much time for processing the new
information. It is also plausible that PTVF
participants found it difficult to connect the live
ultrasound images to the static articulatory diagrams
due to differences in the visual displays.
4. CONCLUSION

CTL

PT

PTVF

VF

measurements: the combined measurements of
release amplitude and pre-consonantal formant
frequencies were more strongly correlated with
improvement in ΔDI than post-consonantal formant
frequencies, VOT, or closure duration. We hope to
further scrutinize these relationships in future work.
3.3. Discussion

In sum, participants in the PT and PTVF Groups
demonstrated similar articulatory ΔDI, but VF
participants also demonstrated higher acoustic ΔDI.
These results suggest that while both forms of
articulatory training were beneficial to participants in
improving their ability to articulate the distinction
between retroflex and dental stops, visual feedback
training alone was superior to phonetic instruction
alone in terms of training a meaningful acoustic
contrast. It is possible that this may be due to VF
participants having access to the model Marathi
talker’s voice during their training, as it was
embedded in the videos. This additional exposure to
the model productions may have helped participants
beyond the benefits of visual feedback alone.
Supposing though that this difference between
the PT and VF Groups is due to the differences in
training, we interpret these findings as suggesting that
visual feedback training may be superior to diagrambased training in the acquisition of non-native lingual
contrasts. This may be due to participants being better
able to associate the visual feedback with their own
auditory and somatosensory feedback during speech
than the static midsagittal diagrams.
One curiosity is the behavior of PTVF
participants. If PT participants in the PT and the VF
Groups have high ΔDI values, it follows that PTVF
participants, who received both forms of training,
should have ΔDI values that are just as high, if not
higher. Instead, these participants do not behave
significantly differently from CTL participants.
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This work contrasted the effectiveness of different
learning techniques to train native English speakers in
the production of a novel consonant contrast.
Improvement in production was operationalized as
the change in discriminability between categories
along both articulatory and acoustic dimensions.
Results suggest that static and dynamic articulatory
training via explicit phonetic instruction and
ultrasound visual feedback can improve the shortterm production of a novel contrast. Of these two
techniques, visual feedback appears most effective.
Still, our results suggest that the combined
effectiveness of explicit phonetic instruction and
ultrasound feedback may be limited – participants
who received both types of training did not
outperform the control group.
Importantly, our findings make no claims
regarding retention of training effects; in the current
study, each participant completed the task once,
without follow-up. Nor can they determine if native
speakers would judge participants’ productions as
more native-like following training. Further, while
many challenges in L2 phonology are attributed to
difficulty articulating new sounds and phonotactic
combinations, language learners must also master
perceptual differences between sounds in their L2.
Given that our participants’ ability to produce a
contrast between sounds improved, we can perhaps
infer that their ability to perceive the contrast also
improved. However, perceptual outcomes of
articulatory training should be studied explicitly.
Nevertheless, the results can still inform research
and pedagogical practices. Articulatory instruction
techniques appear to provide a solid foundation for
novel contrast learning. This finding is all the more
relevant given both the challenging nature of learning
an L2 phonology as well as the fact that explicit
articulatory training in the L2 classroom is
uncommon [6, 21]. Future studies should continue to
investigate the benefits of different training
techniques. Important next steps are to study other
contrasts and to measure learning outcomes in
populations who are exposed to L2 in different
environments, such as children or immigrants.
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ABSTRACT

resynthesis approach termed hybridization in which
one or more acoustic parameters of a set of speech
stimuli, such as the fundamental frequency (F0)
trajectory or the energy trajectory are manipulated
while holding other parameters constant. This approach allows for statements concerning the causal
role of specific speech production measures to intelligibility, as reflected in the acoustic signal. While
their study used speech materials from one neurotypical speaker, hybridization may help with further untangling the acoustic basis of reduced intelligibility in dysarthria. Thus far, hybridization has
been applied to only a single published study investigating dysarthria, where it was used to investigate segmental and suprasegmental variables explaining intelligibility variation in speech produced
in conversational and clear speaking styles by two
speakers with mild hypokinetic dysarthria secondary
to Parkinson’s disease [7]. Findings indicated that
the increased intelligibility of clear speech resulted
primarily from adjustments to the short-term spectrum (i. e. segmental articulation) and the energy
trajectory, demonstrating that hybridization may be
used to identify acoustic variables that cause (as opposed to correlate with) intelligibility variation in
mild dysarthria.
The current study extended the use of hybridization to investigate the acoustic basis of intelligibility
variation during slowed speech produced by speakers with MS. Rate reduction is a popular behavioral
management technique in dysarthria, as it may be
associated with improved intelligibility [12]. Slower
than normal rate may facilitate achievement of more
canonical or extreme vocal tract configurations that
are distinctive from each other. However, not all
speakers with dysarthria exhibit improved speech intelligibility when slowing rate [2, 8, 10]. It has been
observed that a slower-than-normal articulation rate
is associated with prosodic adjustments including
reduced phrase-level fundamental frequency range
that may negatively affect intelligibility [9]. Overall, little is known about rate-related changes in the
acoustic signal that explain differences in intelligibility.
The goal of this study was to identify acoustic

This study sought to identify acoustic variables explaining rate-related variation in intelligibility for
speakers with dysarthria for sentences produced at
habitual and a slower than normal rate.
Four speakers with dysarthria due to Multiple
Sclerosis (MS) produced the same 25 Harvard
sentences at habitual and slow rates. Speakers
were selected from a larger corpus based on intelligibility characteristics. Two speakers demonstrated improved intelligibility and two speakers
demonstrated reduced intelligibility when rate was
slowed. A speech-analysis resynthesis paradigm
termed hybridization was used in which segmental
(i. e. short-term spectral) and suprasegmental variables (i. e. sentence-level fundamental frequency,
energy characteristics, duration) were manipulated
individually or in combination. Six hybridized sentence types were studied.
On-line crowd-sourced orthographic transcription
was used to quantify intelligibility for hybridized
stimuli and the original habitual and slow productions. The results indicated that combined changes
in short-term spectrum and duration affect intelligibility variation associated with a slowed rate.
Keywords: dysarthria; resynthesis; hybridization;
slow rate; intelligibility
1. INTRODUCTION
Speech motor control issues associated with
dysarthria may manifest in all speech subsystems
namely respiration, phonation, resonance, articulation, and prosody, potentially contributing to reduced intelligibility [1]. Understanding specific
speech production characteristics or combinations of
characteristics underlying intelligibility variation is
an important goal of dysarthria research. In addition
to advancing conceptual understanding of intelligibility, this line of inquiry potentially helps shaping
targeted and patient-tailored treatments that address
specific and predefined speech production variables
contributing to reduced intelligibility.
Kain and colleagues [3] developed an analysis-
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variables explaining rate-related variations in intelligibility in speakers with MS, potentially improving
the scientific evidence base for dysarthria treatment.
To investigate whether similar acoustic variables account for both reduced and increased intelligibility
when slowing rate, this study focused on two speakers with MS for whom intelligibility was improved
and two speakers with MS for whom intelligibility
was reduced when rate was slowed.

words and contained five key words. For detailed
information on data collection, see [7]. For each
speaker, a random sample of the same 10 sentences
produced in the habitual and slow conditions was of
interest. For the slow condition, speakers were instructed to produce the sentences half as fast as their
habitual rate, were encouraged to stretch out words
rather than solely insert pauses, and were asked to
produce each sentence on a single breath.

2. METHOD

2.3. Stimuli preparation

2.1. Participants

2.3.1. Hybridization Algorithm and Speech Resynthesis

2.1.1. Speakers
The hybridization technique used in this study is a
residual-excited linear predictive coding waveform
resynthesis of each habitual sentence while selectively imposing the energy envelope, F0 envelope,
segment durations, or short-term spectra from the
same sentence produced at slow rate by the same
speaker. The procedure is summarized below and
displayed in Fig. 1; a comprehensive description of
the hybridization process may be found in [7].
1. Alignment: segment boundaries and individual
glottal pulses were identified using Praat, and
aligned across sentence types to compensate for
possible differences in phonemic content.
2. Parallelization: the waveform of the habitual
rate sentences was modified by implementing
phoneme deletions or insertions relative to the
slow-rate waveforms using a time-domain crossfade technique to avoid discontinuities. As a result, the phoneme sequence of the resulting hybridized waveform was the same as that of the
slow-rate waveform. Hybridization did not take
place during inserted phoneme segments.
3. Auxiliary Marks: a speech analysis was carried
out on the parallelized waveforms, consisting of
first determining the location of auxiliary marks
used for subsequent prosodic modification.
4. Analysis: extracting short-term spectra, energy
trajectories, F0 trajectories, and segment durations.
5. Hybridization: acoustic characteristics of slow
rate speech were combined with complementary acoustic characteristics of habitual speech to
form hybrid acoustic parameters.
6. Synthesis: creation of six hybrid speech waveforms: intonation (I); energy (E); duration (D);
prosody, defined as the combination of intonation, energy, and duration (IED); short-term spectrum (S); and the combination of duration and
short-term spectrum (DS).
A total of 320 stimuli were created: 4 speakers ×
10 sentences × 8 sentence variants (Habitual, Slow,
and six hybrid versions listed above).

Speakers were females diagnosed with MS, native
speakers of American English, had achieved at least
a high school diploma, did not use a hearing aid,
and reported no other history of neurologic disease. The participants were selected from a speaker
database based on their transcription intelligibility scores, summarized and analyzed in previous
work from our lab [5]. Two speakers (MSF03; 44
y/o and MSF17; 51 y/o) demonstrated lower intelligibility during slowed speech (MSF03: 79.6%
and MSF17: 61.2%) compared to habitual speech
(MSF03: 96.0% and MSF17: 78.0%), and formed
the group ‘Low’. Two speakers (MSF04; 51 y/o and
MSF20; 53 y/o) showed higher intelligibility during speech produced at a slow rate (MSF04: 79.6%
and MSF20: 73.2%) compared to habitual (MSF04:
61.2% and MSF20: 60.8%), and formed the group
‘High’.
2.1.2. Listeners
A total of 507 adults (334 females, 170 males, 3 not
specified), 18 to 80 years of age (M=35.9, SD=11.4)
judged intelligibility. Participants were recruited using the crowdsourcing website Amazon Mechanical Turk (MTurk; mturk.com). Previous studies
have demonstrated the feasibility of using MTurk
sourced transcription scores to quantify intelligibility in dysarthria [4, 11]. Participants were allowed
to participate after they fulfilled a number of prerequisites, including an approval rate of greater than
or equal to 99%, and confirmed status of U. S. resident. All listeners were self-reported native speakers of American English, living in the United States,
and without a history of speech, language, or hearing problems.
2.2. Production tasks

Speakers read 25 Harvard Psychoacoustic Sentences [5] in habitual and slow speaking conditions.
Each sentence ranged in length from seven to nine
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2.5. Transcription analysis

Figure 1: Block diagram summarizing hybridization process. HAB = habitual rate; SLOW = slow
rate; ins = insert; del = delete; aux = auxiliary; D
= duration; E = energy; I = intonation; S = shortterm spectrum; HYB-DS = hybrid of duration and
short-term spectra.

HAB

The mean percentage of correctly transcribed key
words was calculated for each stimulus, with each
sentence containing five key words. For quality control purposes, listeners failing to respond to more
than 20% of the presented stimuli, or who correctly
transcribed less than four out of five key words in a
control sentence without noise, were excluded.
The percentage of correctly transcribed key words
was the primary dependent variable for comparing
groups, namely speakers with lower intelligibility in
slow vs. habitual (‘Low’) and speakers with the reverse effect (‘High’). Data were analyzed using an
analysis of variance with group and sentence variant
as fixed factors. Further effects were explored with
Bonferroni-corrected post-hoc tests. A significance
level of .05 was used for all hypothesis testing.

SLOW

1. Alignment
HAB

2. Parallelization

aligned

SLOW
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⊕
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3. RESULTS

5. Hybridization
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3.1. Intelligibility measures

S

6. Synthesis

Fig. 2 reports mean percent correct scores pooled
across sentences and listeners. The statistical analysis indicated a significant main effect of Group: F(1,
8409) = 283.9, p<.001. There was a main effect
of Sentence Variant: F(7, 8409) = 46.3, p<.001, as
well as a significant Group by Sentence Variant interaction effect: F(7, 8409) = 38.2, p<.001. Posthoc comparisons of transcription scores were performed within the Low and High groups. The results for the habitual and slow rate sentences confirmed the expected pattern in the Low group, with
significantly higher transcription scores in the habitual compared to the slow version (mean difference
6.9%, p=.019). Similarly, the High group had higher
transcription scores in the slow compared to the habitual condition (mean difference 18.3%, p<.001).
These results confirmed the data reported in [8], and
indicated that, as a baseline, the two groups showed
meaningful differences between the slow and habitual rates.
Of particular interest were the hybrid versions
that may explain acoustically driven intelligibility
differences between the slow and habitual conditions. For the High group, these were hybrids that
scored higher than the habitual variant (thus becoming more slow-like with respect to intelligibility). Post-hoc results comparing the habitual variant to each hybrid variant associated with improved
intelligibility were as follows. There was a nonsignificant increase in intelligibility in the E hybrid
(mean difference 5.6%, p=.153, and a significant increase in intelligibility in the DS hybrid (mean difference 8.3%, p=.002), indicating that a combination
of spectral and durational characteristics contributed
to increased intelligibility for the slow rate in the

HYB-DS

2.3.2. Mixing with multitalker babble
Speakers with MS had mostly preserved intelligibility, based on Sentence Intelligibility Task scores,
reported as group means in [6]. Thus to prevent
ceiling effects, speech materials were mixed with
multitalker babble. Sentences were first intensitynormalized and then mixed with 20-talker babble,
at a signal-to-noise ratio (SNR) of 0 dB. This SNR
minimized floor and ceiling effects, as determined
by pilot testing.
2.4. Perceptual task

After consenting to participate, listeners were instructed to transcribe a series of stimuli while using headphones and working in a quiet environment.
Sentences were presented one at a time. Following each presentation, listeners were asked to transcribe the sentence as accurately as possible, and
to guess if unsure. Listeners were allowed to listen multiple times to each sentence. Stimuli were
presented in a blocked and randomized fashion, ensuring that no identical sentence text was presented
twice, irrespective of speakers or sentence variant.
After completing the sentence transcription, participants were asked to complete a demographic questionnaire. The experiment took between five to
nine minutes with associated remunerations between
$0.80 and $1.20. Listeners were allowed to participate only once. For each of the 320 stimuli, a minimum of 20 valid transcription scores were obtained.
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Figure 2: Percent correct scores across sentences
and listeners, reported by Group and compared by
Sentence Variant. Error bars indicate ± 1SD

Table 1: Acoustic measures for both habitual and
slow rate sentence production. Top panel: Low
group, bottom panel: High group.
Speaker Rate
MSF03 Hab
Slow
MSF17 Hab
Slow
MSF04 Hab
Slow
MSF20 Hab
Slow

VSA
(tense)
428310
463160
495966
620985
488949
537483
167872
206070

VSA
(lax)
111513
130720
105924
144807
104956
125677
54696
80392

SPL
M
68.2
63.8
70.9
75.1
71.6
74.7
73.3
73.9

SPL
SD
7.78
8.78
9.45
9.30
9.31
9.98
7.41
8.77

F0
M
147
149
174
211
160
162
147
173

F0
Range
119
135
173
222
179
184
143
148

Art
rate
3.83
2.55
3.41
1.16
2.99
2.01
4.24
2.89

we examined acoustic features that cause speakerdependent variation in intelligibility when slowing
speaking rate.
The results showed that, even though all speakers demonstrated significant rate changes, duration
in itself seems to play a minor role in intelligibility
decline, as the associated D hybrid did not (or very
minimally) contribute to intelligibility changes, irrespective of group. Furthermore, for the High group,
a combination of spectral and durational hybridization adjustments (DS) contributed to the increase
in intelligibility for slowed speech. These findings
were not completely mirrored in the Low group (but
neither contradicted), where a number of parameters seemed to have contributed to the intelligibility decline for slowed speech, including those associated with the DS hybrid. Moreover, whilst the
DS hybrid was the most prominent contributor to increased intelligibility in slow speech, these findings
were not captured in the acoustic measures, where
vowel space areas consistently increased when rate
was slowed, again irrespective of group. This indicates that the spectral cues mediating changes in
intelligibility go beyond vowel characteristics, and
may include spectral properties across a longer domain, including consonantal information.
Hybridization is a powerful technique to systematically manipulate and subsequently identify acoustic variables explaining intelligibility variation in
dysarthria. While the current study identified both
segmental and suprasegmental properties as sources
of increased intelligibility during slowed speech, the
current results indicate that additional studies are
needed to identify factors explaining intelligibility
variation associated with rate manipulation.

High group. For the Low group, the hybrids of interest were those that yielded a significant increase in
intelligibility relative to the slow condition (thus becoming more habitual-like). Post-hoc testing identified two hybrids: the D hybrid (mean difference
6.9%, p=.019) and the E hybrid (mean difference
15.5%, p<.001). Thus, for the Low group, acoustic characteristics other than strictly energy, and to
a lesser extent duration, contributed to decreased intelligibility when rate was slowed.
3.2. Acoustic measures

A variety of acoustic measures were obtained to verify that the four speakers were slowing rate when
instructed to do so, and to characterize additional
acoustic changes in segmental articulation by means
of vowel space area (VSA), vocal intensity in terms
of sound pressure level (SPL) and fundamental frequency (F0). Descriptive statistics for the acoustic
measures are reported in Table 1 in the form of averages for the 10 Harvard sentences. When qualitatively comparing habitual versus slow speaking
conditions, speakers from all groups showed an increase in tense and lax vowel space area, in mean
F0 and F0 range, and a decrease in articulation rate.
Furthermore, all speakers except MSF03 showed an
increase in mean SPL and a decrease in SPL variation. Overall, the acoustic measures showed consistent changes from habitual to slow rate conditions,
and these changes were found to be fairly comparable across speakers of both groups.
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This study investigated the contribution of segmental and suprasegmental acoustic variables to intelligibility variation in speakers with MS. Specifically,
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was not included. Gordon-Salant, Yeni-Komshian,
Fitzgibbons, & Barrett [6] found no significant
difference in boundary position, slope and
discrimination accuracy of voice onset time
(BUY/PIE), while there was an aging-related
difference in the perception of transition duration
(BEAT/WHEAT). Harkrider, Plyler, & Hedrick [7]
also showed that seniors had larger /d/ categories,
greater N1 amplitudes and longer P2 latencies when
perceiving the /ba/-/da/-/ga/ transition continuum,
compared with young adults, while such differences
decreased when the audibility of the transition
information in stimuli was enhanced by adjusting the
gain. In a recent study comparing the Mandarin tone
perception in normal aging people and young adults
[16], significantly shallower slopes in the
identification function of tone 2-3 and smaller
peakedness in the discrimination accuracy were
found in the elderly group. Furthermore, this
research team also investigated the influence of
stimulus duration on the perception of Mandarin
tone 1-2 and tone 1-4 in normal older people [15].
Results indicated that longer duration improved the
behavioural performance of the categorical
perception of Mandarin tones in the elderly.
Mild Cognitive Impairment (MCI) is a
transitional stage from normal aging towards severe
dementia and Alzheimer’s disease. Bidelman,
Lowther, Tak, & Alain [1] recently studied the
perceptual processing of English vowels (/u/-/a/) of
the elderly with MCI and normal elderly as a control
group. No significant difference was observed in the
behavioural identification of vowels between the
normal elderly and those with MCI. However, for
MCI participants, increased amplitudes were found
in cortical evoked responses, and MCI was also
associated with hypersensitivity of subcortical
response, supporting the decline compensation
mechanism. With the development of brain-imaging
technology, several cognitive compensation models
have been proposed. Some studies [11, 13] found
that the compensation mechanism was only
observed in older people with better performance in
tasks, rather than those with worse performance.

ABSTRACT
Aging plays an important role in cognitive
degradation. This study examined the behavioural
performance of the categorical perception (CP) of
Mandarin tones in young adults, normal aging older
people, and those with Mild Cognitive Impairment
(MCI). The results revealed that in the identification
function, boundary width of tone perception in MCI
seniors was wider than that in young adults. In the
discrimination function, the between-category
accuracy in the MCI group was also significantly
lower than that in young adults. No significant
decline in tone perception was found in normal
aging seniors, although they showed worse hearing
sensitivity and cognitive ability compared with
young adults. Our behavioural findings supported
that the compensation mechanism might be observed
in older people with normal performance, rather than
those with degraded performance.
Keywords: Categorical perception, Mandarin tone,
aging effect, cognitive degradation, compensation.
1. INTRODUCTION
Categorical perception (CP) of speech requires
listeners to discretely perceive continuous acoustic
cues [10]. Classic CP paradigm consists of
identification and discrimination tasks, where the
identification task depends on listeners’ internalized
categorical awareness, and discrimination task
requires to simultaneously process conflicting
sensory and categorical information. Thus, CP is a
potential way to test the auditory-cognitive system in
the brain. Aging is associated with hearing loss and
degradation in cognitive processing. Normal aging
people have been proven to suffer from decline both
in the spectral and temporal processing of CP.
Bidelman, Villafuerte, Moreno, & Alain [2]
indicated that normal aging listeners presented
slower performance than younger listeners in the
identification experiment of English vowels /u/ and
/a/, although the identification responses were
similar in both groups. Only identification task was
conducted in their study, and discrimination task
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The languages of the world exhibit a natural
diversity which was not reflected in the mainstream
of empirical speech perception studies. Previous
research about categorical perception mainly
focused on cohort in Western, educated,
industrialized, rich, and democratic (WEIRD)
countries [8], and most investigations mentioned
above about aging effect and decline compensation
mechanism were primarily based on Englishspeaking people, while the perceptual degradation of
Chinese phonological contrasts remains unclear.
Chinese is a tonal language where tones can
distinguish different meanings of words [14, 20, 21].
In China, there were more than 240 million senior
citizens above 60 years old, accounting for 17.3% of
the total population [12]. It was reported that around
14.71% older people suffered from MCI, and a
higher prevalence of MCI was related to people
living in rural area, or with older age [18]. Different
population/stimuli prevent a direct comparison of
perceptual degradation of Mandarin tones. Thus, in
this paper, we tested the behavioural identification
and discrimination performance of Mandarin tones
in Mandarin-speaking young adults, normal aging
older people, and older people with MCI, in order to
explore the CP of Mandarin tones under the
influence of aging effect, and whether the normal
aging elderly and those with MCI showed different
compensation patterns of degradation.

Polytechnic University, and they were compensated
for participating in the experiment.
2.2. Material

All speech samples, including syllables /i/ with highlevel tone (‘衣’, clothes) and rising tone (‘姨’, aunt),
were produced by a male native Mandarin speaker
from northern China and recorded at a 44.1 kHz
sampling rate and 16-bit resolution using Praat [3].
The tone continuum with 9 stimuli was constructed
by TANDEM-STRAIGHT software [9]. To make
the loudness and duration of all stimuli comparable,
the speech stimuli were delivered at 70 dB and
adjusted to 350 ms. The F0 of stimulus 1 (high-level
tone) was around 151 Hz, and the starting and
ending F0 of stimulus 9 (rising tone) were 109 Hz
and 150 Hz respectively. The step size between two
adjacent stimuli was around 5 Hz (see Figure 1).
Figure 1: The schematic diagram of the pitch
contours of tone continuum.

2.3. Procedure

2. METHODS

All participants were required to complete the
hearing sensitivity test using an audiometer (GSI
18). Hearing thresholds were normal (≤ 20 dB HL)
at frequencies between 125 and 8000 Hz in young
adults group. The hearing thresholds in two elderly
groups were near normal at low frequencies (125 –
500 Hz) and showed mild-to-moderate hearing
losses (20 - 60 dB HL) in mid-to-high frequencies
(750 – 8000 Hz) (see Figure 2). Ear difference was
not found in three groups (all ps > 0.05), suggesting
that all participants had symmetrical hearing
sensitivity.

2.1. Participants

Twenty-four young adults aged 20-30 years (15
male, mean ± SD: 24.58 ± 2.75 yr), 25 older adults
aged 60-81 years with normal cognitive ability (14
male, mean±SD: 73.79±5.82 yr), and 17 older adults
aged 63-81 years with MCI (10 male, mean±SD:
72.93±6.23 yr) were recruited in this experiment.
One normal older participant and two MCI
participants were excluded from analysis because of
severe hearing loss and illiteracy respectively. All
participants were from northern China and spoke
Mandarin fluently. Also, they were strongly righthanded, reporting no history of psychiatric illness
and surgery in ear and head, and no experience of
formal musical training. Two elderly groups
matched in the age (t = 0.424, p = 0.674), hearing
level (t = 1.649, p = 0.108), and total years of formal
education (t = 1.904, p = 0.065). Also, older
participants in this experiment were professors,
teachers, doctors, or engineers before retirement, so
their social economic statuses were similar as well.
Consent forms were obtained from all participants
with a protocol approved by the Human Subjects
Ethics Sub-committee of The Hong Kong

Figure 2: The audiograms for younger adults,
normal aging seniors and those with MCI.
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We also assessed cognitive function for each
participant using the Beijing version of Montreal
Cognitive Assessment (MoCA) [19] in a quiet room
by a trained experimenter who was familiar with
neuropsychological testing. All young adults and
normal older adults gained normal MoCA scores (26
- 30 points), and the scores for MCI people were 19
- 25 points (see Figure 3).

‘different’ responses to the same and different pairs.
The between-category discrimination accuracy was
defined as the mean of discrimination scores of two
comparison units straddling the phonetic boundary,
and the within-category accuracy was the mean of
discrimination scores of the remaining comparison
units.

Figure 3: The box plots of MoCA scores for
younger adults, normal aging seniors and those
with MCI.

Identification and discrimination curves of tones in
three groups were shown in Figure 4 (a, b), and the
within-category accuracy and between-category
accuracy of tone discrimination in three groups were
shown in Figure 4 (c). The boundary position and
width of tone perception were presented in Table 1.
Results of one-way ANOVA indicated no significant
group difference in the boundary position (F(2,62) =
0.053, p = 0.948), but a marginal difference in the
boundary width (F(2,62) = 3.016, p = 0.057). MCI
seniors showed a wider boundary than young adults
(p = 0.051).

Identification task required participants to press
key ‘1’ when they judged a stimulus as sound 1 (‘衣
’), and press key ‘2’ when they judged a stimulus as
sound 2 (‘姨’). A practice block with feedback was
available for participants to familiarize with the
procedure before the testing block. There were 5
repetitions of each stimulus in the testing block, and
all stimuli were randomly presented.
In the AX discrimination task, listeners were
asked to determine whether the two sounds they
heard were the same (pressing key ‘1’) or different
(pressing key ‘2’). There were 14 pairs of different
stimuli which were separated by two steps (1-3, 2-4,
3-5, 4-6, 5-7, 6-8, 7-9, 3-1, 4-2, 5-3, 6-4, 7-5, 8-6, 97) and 9 pairs of same stimuli (1-1, 2-2, 3-3, 4-4, 55, 6-6, 7-7, 8-8, 9-9). Each pair was repeated five
times. There was also a practice block for
participants before the testing block.

Figure 4: (a) Identification curves of tones in three
groups; (b) Discrimination curves of tones in three
groups; (c) Within-category and between-category
accuracy of tone discrimination in three groups.

3. RESULTS

(a)

2.4. Data analysis

The identification score was defined as the
percentage of responses, and boundary position and
width of identification function were calculated by
Probit analysis [4], defined respectively as the 50%
crossover point and the linear distance between 25%
and 75% percentiles. The discrimination score of
each comparison unit which consisted of four types
of pairs (AA, BB, AB and BA) was assessed using
the formula proposed in [17]: P = P (‘S’|S) × P (S)
+ P (‘D’|D) × P (D), where P (S) represented the
percentage of the same pairs (e.g., 1-1, 3-3) and P
(D) represented the percentage of different pairs
(e.g., 1-3, 3-1). P (‘S’|S) and P (‘D’|D) respectively
represented the percentage of ‘the same’ and

(b)

(c)
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the hearing loss played a limited role in the
perception of other temporal cues, such as transition
duration, VOT, and vowel duration [6]. In this study,
we examined the role of cognitive degradation in the
CP of spectral cues, and found that the cognitive
impairment could affect the identification and
between-category discrimination of Mandarin tones,
while the within-category discrimination was not
affected. Fujisaki & Kawashima [5] proposed a
dual-process model, assuming that the identification
and between-category discrimination relied on the
long-term developed intrinsic categorical awareness,
and the within-category discrimination was based on
the short-term auditory memory code. Our results
suggested that the cognitive impairment might be
associated with the impaired internal categorical
phonetic memory of tone which consequently
impaired the perceptual ability of Mandarin tones.
There were some limitations in this pilot study
that could not be ignored. First, only behavioral
experiment was included, and electrophysiological
recordings would be necessary in order to explore
the cognitive compensation mechanism in the brain.
Second, cognitive ability was only tested by MoCA.
More detailed cognitive tests focusing on memory
and language ability would be included in the further
research to explore the influence of hearing loss and
the decline in cognitive memory on the degradation
of categorical perception.

Table 1: Boundary position and width of tones in
three groups.
Group
Young adults
Normal aging elderly
MCI elderly

Position
5.314
5.260
5.275

Width
1.020
1.423
1.957

Repeated measure analysis (category × group)
revealed a significant main effect for category
(within-subject factor) (F(1,60) = 161.450, p <
0.001) and a significant category × group interaction
effect (F(2,60) = 4.709, p = 0.013), while no main
effect for group (between-subject factor) (F(2,60) =
2.452, p = 0.095). Simple main effect analysis
indicated a significant difference in betweencategory accuracy between the young adults and
MCI elderly (p = 0.034). In each group, there was a
significant difference between the within-category
accuracy and between-category accuracy (all ps <
0.001, see Figure 4 (c)).
4. DISCUSSION
There were significant differences in the
identification and discrimination of tone perception
between MCI elderly and young adults, indicating
that MCI seniors presented the perceptual decline of
Mandarin tones. However, no significant
degradation was found in the behavioural
performance of normal aging seniors, although they
obtained lower MoCA score and showed worse
hearing sensitivity than young adults. These findings
might be explained by the decline compensation
mechanism proposed in previous studies [11, 13],
indicating that when conducting the same task, older
people could show normal behavioural performance
by utilizing more brain regions, while those
presenting degraded performance had little
compensation in the brain, which might also be
correlated with cognitive impairment.
Although it was difficult to determine whether
the hearing loss or cognitive decline fundamentally
led to the perceptual degradation, several studies had
tried to explore the roles of hearing loss and
cognitive decline in categorical perception
separately. Gordon-Salant et al. [6] compared the
identification and discrimination of different English
temporal cues in normal-hearing seniors and those
with mild-to-moderately severe hearing loss, which
distinguished the hearing impairment from other
aging-related decline. They discovered a shallower
slope and larger difference limens in hearingimpaired
elderly
only
when
perceiving
DISH/DITCH which were different in the silence
duration between the vowel and fricative, indicating
that the perception of DISH/DITCH could be
influenced by primary auditory capacity. However,

5. CONCLUSION
In this study, we tested the behavioural CP
performance of Mandarin tones in young adults,
normal aging older people, and those with MCI. The
results indicated a wider boundary of tone
perception in MCI seniors than in young adults.
Also, the between-category accuracy in the MCI
group was significantly lower than that in young
adults. No significant degradation in the behavioural
performance of tone perception was found in normal
aging seniors, although they showed worse hearing
sensitivity and cognitive ability compared with
young adults. Our findings supported that the
compensation mechanism might be observed in
older people with normal performance, rather than
those with degraded performance. Besides, cognitive
impairment might be related to the impairment of
internalized categorical memory and led to the
degradation of tone perception.
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and shimmer will not be discussed in this paper. The
focus is on fundamental frequency (F0), harmonicsto-noise ratio (HNR), percentage voiced (%V), and
maximum voicing duration (MVD).

ABSTRACT
The purpose of this study is to describe the acoustic
changes of the consonants /t/ and /d/ in Dutch
speaking individuals before and after total
laryngectomy. The speech of seventeen participants
was recorded before and after treatment. Eighteen
tokens from a read-aloud text were obtained with /t/
or /d/ in initial position. Prevoicing, burst duration
and duration of the vowel following the consonant
were analyzed. The results show that the acoustic
contrast of the /t/ and /d/ in initial position is reduced
after treatment. Post-operatively, the presence of
prevoicing of /d/ decreases, and burst duration
increases. In the post-operative situation, therefore,
/d/ becomes more similar to /t/ acoustically.

The main difficulties for tracheo-esophageal
speakers regarding intelligibility are in the
production of word-initial consonants, rather than
consonants in word-final position [9]. Tracheoesophageal speakers also encounter difficulties
distinguishing between voiced and voiceless
consonants, voicing vowels, maintaining pitch,
phrasing, and producing /h/ and /k/, the consonants
that are produced in areas most affected by the
operation [9].
According to Jongmans et al. [9], listeners often
confuse laryngectomees’ initial plosives. In Dutch,
word-initial voiced plosives are produced with
prevoicing (a negative voice onset time), while
voiceless plosives are produced without aspiration
(zero voice onset time) [1]. Van Alphen [1] suggests
that presence of prevoicing is the most reliable cue
to voicing distinction for listeners. In the study of
Jongmans et al. [9] prevoicing is not taken into
account. Jongmans et al. [9] suggest that in tracheoesophageal speech, the speaker’s effort to create a
voicing contrast affects the duration of the burst of
the plosive as well as the duration of the following
vowel.

Keywords: Total laryngectomy – Tracheoesophageal speech – Voicing contrast – Alveolar
plosives – Acoustics.
1. INTRODUCTION
A total laryngectomy implicates surgical removal of
the larynx. This procedure is mostly carried out
because of advanced laryngeal cancer. With the
removal of the larynx the natural voice is lost and
individuals have to regain speech with the help of a
substitute voice. The preferred substitute voice
method in the Netherlands is tracheo-esophageal
speech, with help of a voice prosthesis. Voice is
generated by vibrations of the pharyngo-esophageal
segment. Tracheo-esophageal speech is usually
perceived as rough, irregular and reduced in
dynamic range [11].

The aim of this research was to investigate how the
acoustic features (prevoicing, burst duration and
vowel duration) of initial plosives /t/ and /d/ change
in Dutch speaking individuals before and after total
laryngectomy.

Several studies have described the acoustic
characteristics of tracheo-esophageal speech [7, 2,
10]. Weak periodicity and a high noise component
are characteristics of tracheo-esophageal speech [8].
Tracheo-esophageal speakers have higher values for
jitter and shimmer compared to laryngeal voices
[11]. This is a result of using the PE-segment as
voicing source, as the tissue is less suited to sustain
stable vibrations compared to the vocal folds. Jitter

2. METHODS
2.1. Participants

Seventeen
subjects
who
underwent
total
laryngectomy were included in the study (2 female,
mean age 65, range 47─78). Participants were
included in this study when a pre- and post-
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treatment recording was present. Subjects in
palliative setting were excluded. All participants did
receive speech language therapy sessions, until
satisfactory speech was reached. Post treatment
recordings were made after on average 6 months
after total laryngectomy (range 3─35). This study
has been approved by the Institutes Research Board
(registration number IRBd18005 ).

periods per window (1 period per window if no
HNR was found).
For each t/d token, the begin and end of the release
burst were marked (at nearest zero-crossing). The
length of the release burst was measured. The
presence of an F0 value inside a 35ms window
before the start of the release was considered
evidence of prevoicing. A window of 35ms was
chosen to preclude an influence of the preceding
word. Vowel duration was calculated from the end
of the release burst to the vowel offset.

2.2. Data collection

Recordings are made during regular appointments at
the speech language pathologist. Over time, three
different
microphones
were
used
during
consultations; HS5 Samson Aerobic Headset Mini
Jack/XLR STAGE 55/CONCERT 77/AKG Version,
Shure SM10A-CN headset with a Blue Icicle USB
microphone preamplifier and Samson Qv10e microphone.

2.4. Statistical analysis

All data is collected and processed for statistical
analysis in R [12]. A Kolmogorov-Smirnov test
showed the data was not normally distributed.
Therefore, the Wilcoxon Matched Pairs Signed Rank
test (WMPSR) is performed to analyse differences
between pre- and post-total laryngectomy voice
recordings. Statistical significance is corrected for
false discovery rate [5].

Participants were instructed to pronounce a
sustained /a/ as long as possible and to read aloud a
Dutch text of neutral content (Tachtig dappere
fietsers ‘eighty brave cyclists’). In this text, 18 token
words occurred (9 starting with /t/, 9 starting with
/d/). For two participants, only the first and last two
sentences of this text were recorded, since they had
difficulty reading the text in its entirety resulting in
11 tokens. .

To estimate the importance of the factors studied for
the acoustic realizations of the alveolar plosives,
linear mixed effect models were created [3, 4]. The
model analyses the relationship between prevoicing,
burst duration, and vowel duration on the one hand
and the fixed effects time (pre- / post-treatment) and
phoneme identity (/t/ /d/) on the other hand,
including the interaction term (see Table 4.). The bysubject and by-word intercepts and random slopes of
the effects of time and phoneme identity were used
as random effects. P values were estimated by
approximating the Student t-test statistics of the
coefficients by Z-test statistics, following Barr et al.
[3].

2.3. Acoustic analysis

Speech recording data were processed in Praat [6].
Voicing characteristics before and after treatment
are analyzed on sustained /a/, to check whether voice
contrast analysis is possible. All /a/ recordings were
cut to a length of 2.0 seconds of the most stable part
(as done in van As-Brooks et al. [2]), to ensure
optimized and similar data for all participants. The
measured acoustic parameters are: F0 (median/SD),
percentage voiced (%V), Maximum Voicing
Duration (MVD), and Harmonics-to-Noise Ratio
(HNR). Pitch was determined with the standard
settings of the To Pitch command using the crosscorrelation method with the exception of: pitch floor
40 Hz, ceiling 200 Hz; voicing threshold 0.40. The
median F0 was determined as the median value of all
the voiced frames. %V was determined by counting
the number of voiced and unvoiced frames as
determined by the Pitch algorithm. MVD was taken
as the longest voiced segment after an automatic
annotation with the To TextGrid (vuv): 0.2, 0.1
command. HNR was calculated adapted from van
As-Brooks et al. [2] as the smoothed maximum
found after calculating To Harmonicity (cc) with a
minimum pitch of 40Hz, silence threshold 0, and 4.5

An R Markdown script and the original /t/ /d/ data
have
been
made
available
on
http://www.fon.hum.uva.nl/rob/ICPhS19/.
3. RESULTS
In Table 1 the acoustic characteristics of the
sustained vowel /a/ recorded from the participants
before and after surgery are presented. In three
participants after treatment no median F0 could be
determined. After treatment acoustic features are
changed. Median F0 values of tracheo-esophageal
speech have a mean of 61Hz, coming from a preoperative value of mean 138Hz. The mean
percentage voiced frames drops from 93% to 55%.
Harmonics-to-noise ratio (HNR) and maximum
voicing duration (MVD) decreases. A statistically
significant difference between pre- and post-
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Table 3. Mean and standard deviation, minimum
and maximum value and statistical testing of the
Acoustic Values for the /d/ pre- and post-operative
n=17. *p≤.05 tested with WMPSR test

treatment values was found for F0-median, %V,
HNR and MVD (p≤ .05, WMPSR).
Table 1. Range, mean, standard deviation and
statistical testing of the acoustic values pre and postoperative of sustained vowel /a/ n=17.
Abbreviations: F0: fundamental frequency, %V:
percentage voiced, HNR: harmonics-to-noise ratio,
MVD: maximum voicing duration. *p≤.05 tested
with WMPSR test ^(n=14)
Acoustic
Parameter
F0-median
(Hz)
F0-SD
(Hz)
%V
HNR
(dB)
MVD
(sec)

Range
Pre
Post
Pre
Post
Pre
Post
Pre
Post
Pre
Post

79-277
17-132
1-27
1-42
15-100
0-100
4-20
0-8
.3-2
0-2

Mean
138^
61
8
11
93
55
15
3
1.9
1.2

SD
56
40
10
13
21
38
5
4
.4
.8

Acoustic
Parameter
Prevoicing
(%)
Burst dur.
(ms)
Vowel dur.
(ms)

p-value

.002*

Pre
Post
Pre
Post
Pre
Post

Mean

SD

Min

Max

pvalue

57.5
14.4
24.5
34.9
101.5
109.1

36.7
23.1
5.9
6.5
12.6
21.2

0
0
15.9
23.6
77.3
79.8

100
77.8
37.4
47.3
129.9
150.1

.003*
<.001*
.120

Table 4. Linear mixed effect models analysis
Y~phoneme*time + (1 + time|speaker) + (1 +
time|word) p determined assuming t follows Z-test
(normal) statistics. †: t = 2.43, p = 0.015

.391
.003*

Y:
<.001*
Intercept
Phoneme
Time
Phoneme:time
t (phoneme:time)
p

.013*

Table 2 shows the results with acoustic features of
the consonant /t/ for the pre- and post-operative
speech conditions. No statistically significant
difference was seen for the parameters prevoicing
and burst duration between pre- and post-operative
condition. An increase in vowel duration following
the initial consonant /t/ was seen for the postoperative speech condition (p=.017).

Prevoicing
(%)

Burst dur.
(ms)

Vowel
dur. (ms)

1.31
56.21
0.77
-44.87
-8.24
1.7∙10-16

37.21
-12.66
0.99
9.44
3.28
0.001

93.23
8.3
12.79†
-4.91
-1.07
0.28

To obtain a rough estimate of the sizes of the effects
of time (pre/post treatment) and phoneme identity
(t/d) on the acoustic measurements, an analysis of
linear mixed effect models was performed using
maximal random factors (see Table 4, Figure 1) [3].
Models using random phoneme slopes did not
converge and only random slopes for time were
used. Interactions between phoneme identity and
time were significant for prevoicing and burst
duration.

Table 3 shows the results with acoustic features of
the consonant /d/ and outcomes of statistical testing
for the pre- and post-operative speech conditions.
The presence of prevoicing for the consonant /d/
decreases significantly in the post-operative speech
condition (p=.003). Burst duration of /d/ increases
significantly in the post-operative speech condition
(p<.001). No difference was found for the vowel
duration for the vowel following the initial /d/
(p=.120).
Table 2. Mean and standard deviation, minimum
and maximum value and statistical testing of the
acoustic values for the /t/ pre- and post-operative
n=17. *p≤.05 tested with WMPSR test
Acoustic
Parameter
Prevoicing
(%)
Burst dur.
(ms)
Vowel dur.
(ms)

Pre
Post
Pre
Post
Pre
Post

Mean

SD

Min

Max

1.3
1.3
37.2
38
93.9
107.5

3.7
5.4
10.9
5.5
16.6
32

0
0
25.2
29.7
73.6
68.2

11.1
22.2
64.2
47.7
138.1
174

pvalue
1.00
.747

Figure 1. Visualization of the linear mixed effect
models based on the estimates of Table 4

.017*
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The current study has some strengths and
limitations. An advantage of the current research is
that our analysis is performed on running speech.
Recording running speech leads to most natural
speaking conditions. Another strength of the study is
the pre- and post-treatment within subject design. To
our knowledge, there have not been studies that
compared
preand
post-operative
voice
characteristics within the same individual. In this
approach, changes in voice and speech can be
spotted at an individual level.

4. DISCUSSION
Several studies have compared differences between
healthy laryngeal speech and speech after total
laryngectomy [11]. After total laryngectomy the
pharyngo-esophageal segment functions as the new
voice source. The resulting tracheo-esophageal
speech is has a lower F0 and high noise components
[2, 11]. In this study, post-treatment values of F0,
%V, HNR, and MVD worsened compared to the
pre-operative values. The voices of the participants
included in this research are deviant from healthy
laryngeal voices. In the pre-operative situation, the
voices are distorted due to either tumor presence on
the vocal cords, earlier treatment with (chemo)
radiotherapy and/or presence of a trachea cannula.

Limitations of the current study include the use of
different microphones and that the used text was not
phonetically balanced. Only /t/ and /d/ in initial
position were frequently present in the text which
left out other phonemes with voicing distinction for
analysis. Therefore, our data did not contain enough
tokens containing other plosives (/b/ and /p/; /g/ and
/k/) to investigate the effect of treatment on other
places of articulation. The aerodynamics of voicing
and the size of the air cavity before the constriction,
suggest that these effects might be different for /g/
and /k/, for /b/ and /p/ than for /t/ and /d/.

These acoustic changes in the vowel /a/ suggests an
effect on acoustic features of consonants as we
studied specific in the /t/ and /d/ tokens. This study
has shown that the acoustic contrast of the /t/ and /d/
in word initial position reduces after total
laryngectomy (Tables 2 and 3). Prevoicing and burst
duration values for /t/ do not change significantly
after surgery. For the /d/, presence of prevoicing
decreases and Burst duration increases postoperatively. Values for /d/ become more like /t/ in
the post-operative speech condition. Vowel duration
following the initial consonant /t/ was higher in the
post-operative condition compared to pre-operative
condition (Tables 2 and 4). The duration of the
vowel following the initial consonant /d/ also
increased but this increase was not significant. An
explanation might be an overall slowing of the
speech rate.

5. CONCLUSIONS
The acoustic features of initial consonants /t/ and /d/
do move closer together, with /d/ becoming more
like /t/ in tracheo-esophageal speech. This could
explain results from earlier research that showed
asymmetric confusion between /d/ and /t/ from these
speakers. Further research on larger sets of running
speech is recommended to create better
understanding of the intelligibility issues. Total
laryngectomy patients are a vulnerable group with
communication deficits and need for speech
rehabilitation.
Special
attention
towards
intelligibility issues is recommended.

With help of linear mixed effect models, the
combined effects of phoneme identity and treatment
were analyzed (Table 4, Figure 1). There was a
strong interaction of phoneme identity and time (pre/ post-treatment), that confirmed the conclusion that
the effect of treatment was limited to the initial /d/.
And thus, that the difference between /t/ and /d/
became smaller after treatment.
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ABSTRACT

while others reported better improvement with
identification training [3, 4, 13, 15]. Thus, it is still
unclear which task is better and why.
The studies that reported better improvement with
an identification task targeted vowels [3, 4, 13] or the
/r/-/l/ contrast [15]. However, a recent study has
demonstrated that the difference between
identification training results and discrimination
training results may be due to mislabeling issues:
25% of the Japanese speakers in the discrimination
training condition associated the English vowel /i/
with the word ‘ship’ instead of ‘sheep’ in the post-test
[8]. However, their improvement in the use of
temporal and spectral information was comparable
across both training conditions [17]. Hence, the
discrimination task may be as effective as the
identification task for helping learners to contrast
categories. It is still possible that the lack of
difference found between conditions may be due to a
ceiling effect since the Japanese speakers were
sensitive to both duration and spectral changes before
training. Also, their average training scores were
around 90% [17], thus, this contrast may not have
been overly difficult for them to begin with.
The /z/-/dz/ contrast as in the English words ‘rose’
and ‘roads’ is also difficult for native Japanese
speakers [6]. This is because the affricate /dz/ and
fricative /z/ are allophones in Japanese [1]. In a
previous study [9], we found that the average training
scores of Japanese speakers on this contrast was
around 50% (that is, chance level) when using an AX
discrimination task, suggesting that this contrast is
more difficult than the ‘ship’-‘sheep’ contrast
previously investigated ([8], [17]). The Japanese
speakers slightly improved their use of vowel
duration and closure duration of the stop /d/ to
categorize the words ‘rose’ and ‘roads’ with
discrimination training [9]. The current study is
interested in whether identification training may help
Japanese speakers improve their use of the contrastive
cues more than discrimination training.
At least two acoustic cues are used by native
English speakers to distinguish the word ‘rose’ from
‘roads’: the duration of the vowel and the duration of
the stop closure [9]. English speakers associate a
longer vowel with the word ‘rose’, and generally
perceive the word as ‘rose’ when there is no stop
closure or it is short (around 10 ms). Conversely,

This study evaluates whether identification training
yields superior results to discrimination training for
improving the perception of a very difficult nonnative contrast. Seventeen Japanese speakers
received one hour of identification training with
feedback with the English coda contrast /z/-/dz/ as in
‘rose’ and ‘roads’. The ‘rose’-‘roads’ stimuli were
manipulated to vary in terms of the duration of the
stop closure and the duration of the preceding vowel.
These results were compared with that of twenty
Japanese speakers who received one hour of AX
discrimination training with the same contrast using
the same stimuli. The cue-weighting pre-test and
post-test revealed no improvement in the use of vowel
duration for either group. However, the identification
group improved their use of the closure duration to a
slightly (and significant) greater extent than the
discrimination group. Hence, identification training
may provide superior results for the acquisition of
very difficult L2 contrasts.
Keywords: Identification training, discrimination
training, coda contrast, English, Japanese.
1. INTRODUCTION
Phonetic training often uses an identification task,
where the second language (L2) learners are
presented with one word (e.g., rose) and have to
decide which word was heard (e.g., ‘rose’ or ‘roads’).
This type of training, especially combined with high
variability, have been shown to be effective for
improving the perception of L2 contrasts [e.g., 7, 10,
12]. While identification tasks require some level of
literacy or, at least, some knowledge of phonemegrapheme correspondence in the L2, discrimination
tasks do not. An AX discrimination task, for instance,
consists of presenting the learners with two words
(e.g., rose-roads) and asking them to decide whether
the two words were the same or different. Hence, a
possible advantage of the use of a discrimination task
for sound training is that it could be used with
populations that are not literate in the L2, and
therefore, could be used at the very onset of L2
learning. Some studies reported that both tasks were
equally effective for training sound contrasts [5, 16],
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Japanese speakers associate a longer vowel with the
word ‘roads’ instead of ‘rose’, and disregard changes
in closure duration. After discrimination training, the
Japanese speakers slightly improved their use of the
stop closure duration, while starting to rely less on
vowel duration [9]. Thus, the current study evaluated
whether the cue-weighting of Japanese speakers can
get closer to native performance with an identification
training paradigm using the same set of manipulated
stimuli as those used in the previously reported AX
discrimination training paradigm [9].

than vowel duration by English speakers to
distinguish ‘roads’ from ‘rose’. The tokens chosen for
training correspond to the 8 tokens (tokens 1, 2, 8, 9,
15, 16, 22, 23) most often categorized as ‘rose’ by
native English speakers and the 8 tokens (tokens 6, 7,
13, 14, 20, 21, 27, 28) most often categorized as
‘roads’.
Figure 1: The 28 tokens used for the pre- and posttest were manipulated along the closure duration (xaxis) and vowel duration (y-axis) dimensions. The
16 shaded tokens were used for training.

2. METHODOLOGY
2.1. Participants

Seventeen native Japanese speakers who had not
spent more than 3 weeks in an English-speaking
country (mean = 1.25) took part in the identification
training with the ‘rose’ and ‘roads’ contrast. Their
results were compared with that of twenty native
Japanese speakers who had not spent more than 8
weeks (mean = 1.7) in an English-speaking country
and took part in the AX discrimination training with
the same contrast. All participants were right-handed
university students in Japan between the age of 18 and
23 (mean = 21) for the identification task and between
18 and 27 (mean = 20) for the discrimination task,
with no reported history of speech or hearing
impairment. Forty North American English
university students recruited in Victoria, Canada and
aged between 17 and 28 (mean = 21) took part in the
pre-test.

2.3. Procedure

2.3.1. Pre- and post-test
The English participants completed the pre-test only
(the pre-test and post-test were identical). Their
results were reported in [9] and are used in the current
study for comparison with native proficiency. All
Japanese participants completed the pre-test, one hour
of training, and the post-test. For the tests,
participants were presented with one token at a time,
and asked to identify whether the word was ‘rose’ or
‘roads’. The 28 tokens were presented randomly 4
times. The results on the first set of 28 tokens were
discarded from the analyses as a practice session. All
the tests were carried out in a sound-attenuated room,
with stimuli presented via high quality BOSE
headphones. No feedback was provided during a test.

2.2. Stimuli

Test tokens were created from the recordings of ‘rose’
and ‘roads’ samples by a female North American
English speaker. The recordings at 44,100Hz were
performed in a sound-proof room at The University
of Tokyo with a Sony ECM-MS957 condenser
microphone connected directly to a computer using
Praat [2]. The recorded words were scaled to an
intensity of 70 dB before manipulations. Forty
milliseconds of stop closure were extracted from a
clear ‘roads’ sample and inserted between the vowel
and the coda fricative of a clear ‘rose’ sample. The
closure duration was then modified from 0 to 60 ms
in steps of 10 ms using a script [18]. The vowel
duration of each of the resulting tokens was modified
from 210 to 300 ms in steps of 30 ms using the same
script, which resulted in a total of 28 test tokens as
illustrated in Figure 1. While all 28 tokens were used
in the identification pre-test and post-test, a subset of
16 tokens was used for training. The tokens chosen
for training were those at the extreme ends of the
closure duration, a cue that is used more categorically

2.3.2. Identification training
After the pre-test and before the post-test, the
seventeen Japanese participants assigned to the
identification training condition received two 30 to
40-min. sessions of identification training with
feedback using the 16 tokens in grey shading in
Figure 1. For the training, participants were presented
with one token at a time, and asked to identify
whether the word was ‘rose’ or ‘roads’. Feedback
consisted of a written message indicating whether the
choice was correct (the tokens were never repeated).
The 16 training tokens were presented randomly 8
times per block, and there were 4 blocks per training
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session. Hence, each of the 16 tokens was presented
32 times for a total of 512 tokens per training session.

analysis [11]. Mauchly’s test indicated that the
assumption of sphericity had been violated (W = 0.18,
p < .001), therefore degrees of freedom were
corrected (ε = 0.49). Both training groups did not
improve from pre-test to post-test, which was shown
by the non-significant Time X Vowel Duration
interaction; F(3, 102) = 0.98 p = .326, ηp2 = 0.008.
The Time X Condition X Vowel Duration interaction
was also non-significant; F(3,102) = .304, p = .67, ηp2
= .002. Hence, although a slight change in the use of
vowel duration may be observed in Figure 2, neither
the identification nor the discrimination training
group experienced a significant improvement in the
use of vowel duration for categorisation of the
manipulated ‘rose’ and ‘roads’ tokens in the current
study.

2.3.2. AX Discrimination training
The twenty Japanese participants assigned to the
discrimination training condition were also exposed
to the same 512 tokens during a training session. Two
training sessions were provided in total, each lasting
around 30 minutes. The 16 training tokens (shaded in
Figure 1) were presented 32 times each in a ‘same’‘different’ AX discrimination task with an interstimulus-interval (ISI) of 1500 ms, where tokens were
paired as ‘same’ (e.g., token 1 and 16) or ‘different’
(e.g., token 1 and 7) in terms of closure duration
category. No token was paired with itself. The results
on the AX discrimination task was reported in [9].

Figure 2: The proportion of items identified as
‘roads’ in the pre-test and post-test for the
discrimination and identification groups by changes
in vowel duration. English results on pre-test are
added to both graphs for comparison.

3. RESULTS AND DISCUSSION
In order to assess whether any improvement occurred
during identification training, we looked at the
average correct training scores, which were 65.08%
on the first day, and 68.77% on the second day, a
significant improvement of 3.69% (t(16): 3.69, p =
.039). In comparison, the training scores on the
discrimination task were 52.40% on the first day, and
56.02% on the second day, an improvement of 3.62%
that was also significant (t(20) = 2.49, p = .025).
Hence, a small but significant increase in task
performance was observed with both identification
and discrimination training. Accordingly, the
research question addressed by the current paper was
which training paradigm yielded the best results for a
change in the use of vowel duration and closure
duration for categorization of the English ‘rose’ and
‘roads’ contrast by Japanese speakers. The statistical
analyses revealed that neither training group showed
a significant improvement on the use of vowel
duration from pre-test to post-test, but that the
identification training group exhibited slightly better
(and significant) results for the use of the stop closure
duration.

Furthermore, the post-test vowel duration data of
both training groups were compared with the native
English speakers’ test results with a mixed-design
ANOVA with Vowel Duration as the within-subject
and Condition (identification, discrimination, and
English) as the between-subject factor. The data was
not spherical (W = 0.34, p < .001), and so
Greenhouse-Geisser estimate of sphericity (ε = 0.58)
was used. The Condition X Vowel Duration
interaction was significant; F(6, 222) = 15.48, p <
.001, ηp2 = .18. Thus, the behaviour of both training
groups was different to that of the English native
speakers.

3.1. Vowel duration

A look at the vowel duration data, presented in Figure
2, indicates that while English speakers generally
associated a short vowel with the word ‘roads’, the
Japanese participants in both training conditions
associated a short vowel instead with the word ‘rose’,
both before and after training. The vowel duration
data were analysed using a mixed-design ANOVA in
R [14] with a within-subject factor of Vowel Duration
and Time (pre-test and post-test) and a betweensubject factor of Condition (discrimination and
identification). The package “ez” was used for the
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3.2. Closure duration

The closure duration data are presented in Figure 3.
While both groups of Japanese participants mostly
disregarded changes in closure duration in the pre-test,
they used this cue significantly more in the post-test.
The Closure Duration data were analysed using a
similar mixed-design ANOVA with a within-subject
factor of Closure Duration and Time (pre-test and
post-test) and a between-subject factor of Condition
(discrimination and identification). Mauchly’s test
indicated that the assumption of sphericity had been
violated (W = 0.09, p < .001), therefore degrees of
freedom were corrected using Greenhouse-Geisser
estimate of sphericity (ε = 0.47). Both of the training
conditions changed their behaviour over time, which
was shown by the significant Time X Closure
Duration interaction; F(6, 204) = 6.74, p < .001, ηp2 =
.05. The Time X Condition X Closure Duration
interaction was also significant; F(6, 204) = 2.44, p =
.026, ηp2 = .02, indicating that there was a marginal
effect benefitting the identification group.
Figure 3: The proportion of items identified as
‘roads’ in the pre-test and post-test for the
discrimination and identification groups by changes
in stop closure duration. English results on pre-test
are added to both graphs for comparison.

sphericity (W = 0.081, p < .001), therefore
Greenhouse-Geisser estimate of sphericity (ε = 0.506)
was used. The Condition X Closure Duration
interaction was significant; F(12, 444) = 14.67, p <
.001, ηp2 = .21, meaning that neither group behaved in
the same way as native speakers, although their
behaviour has changed in the direction of native
speakers’ behaviour.
3.3. Discussion

The two training groups significantly improved their
use of the stop closure duration—the primary cue
used by native English speakers to distinguish the
word ‘roads’ from ‘rose’—with the identification
group improving slightly but significantly more than
the discrimination group. The question that remains
is why. The identification task presumably taps into
phonological processing, whereas the AX
discrimination task into phonetic/acoustic processing
when the ISI is short (e.g., 250 ms). However, the ISI
used in the current discrimination task was long
(1500ms), which should similarly tap into
phonological processing. Thus, other cognitive
aspects must be at play, such as the role of the proper
grapheme-phoneme association, which was required
only by the identification training task.
4. CONCLUSION
The current study aimed at evaluating whether
identification training yields superior results than AX
discrimination training when training with a difficult
consonant contrast. The contrast investigated was the
English /z/-/dz/ as in ‘rose’ and ‘roads’, which is
particularly difficult for Japanese speakers. We
looked at improvement in the use of vowel duration
and closure duration — two acoustic cues that are
used by native English speakers to categorize the
target contrast. While neither training paradigm
yielded any significant change in the use of vowel
duration after one hour of training, the identification
training paradigm provided superior results in the use
of closure duration. Therefore, the identification task
may provide better results than an AX discrimination
task for the training of some L2 contrasts.
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The post-test closure duration data of both training
groups were then compared with that of the English
native speakers with Closure Duration as the withinsubject factor, and Condition (discrimination,
identification, and English) as the between-subject
factor. Again, Mauchly’s test indicated a violation of
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In animation movies, to prepare the voices of
very tall or small characters like giants or fairies,
voice changers are sometimes applied to the original
voices of actors or actresses. Here, frequency-axis
warping techniques are used for voice morphing. In
this paper, as one kind of new acoustic variability, a
vocal tract length (VTL) changer is introduced as a
novel kind of acoustic variability.
Learners often claim that they can listen well in a
face-to-face situation but have some troubles when
talking on the telephone. This means that channelbased distortions easily cause communication troubles. High distortions are found on radio communication channels such as air traffic control, police
radio, taxi radio, etc. For safety reasons, learners should acquire good listening skills for voices
on a radio communication channel, e.g., emergency
alerts. In this study, as another kind of new acoustic
variability, radio distortions are introduced.
In this paper, listening comprehension tests with
the above distortions clearly show learners’ weakness and native speakers’ robustness with respect to
radio distortions. After that, an 18-day HVPT-based
listening drill is imposed on the learners and it is
shown that robustness is improved effectively and
transferred to listening to speech samples with other
kinds of distortions and original speech samples.

ABSTRACT
Speech acoustics are easily degraded due to extralinguistic and environmental factors. This degradation is often troublesome to non-native listeners.
To improve their robustness in listening, high variability phonetic training (HVPT) is widely used. In
this paper, technically-enhanced HVPT is tested and
new types of acoustic variability, namely, vocal tract
length and channel distortion, are examined. Listening tests using the degraded speech materials are
carried out with Japanese learners of English and it
is found that their listening abilities are particularly
impaired when radio communication distortion is
added. An 18-day listening drill for speech samples
with different levels of radio distortion is imposed
on the English learners. Post-tests show that robustness of listening comprehension is significantly improved in the case of advanced learners, and that improvement is transferred effectively to listening to
materials with other distortions.
Keywords: L2 learning, HVPT, speech modification, robustness, listening comprehension
1. INTRODUCTION
Acoustic variability in speech draws attention of L2
researchers, as High Variability Phonetic Training
(HVPT) has been shown to be effective for improving listening ability [7, 15, 4]. They claim that stimulus variability is the core of HVPT. Acoustically
degraded speech materials were used in L2 studies
to compare listening ability between learners and
natives [12, 6, 1, 14]. In [2], learners’ listening
ability was tested with speech samples with babble noise, and in [5], it was also examined between
the two cases where the babble noise was L1 and
L2. The performance of phonological perception in
the presence of reverberation and background noise
was investigated in [8, 9, 10, 11]. As claimed in
[15, 4], stimulus variability in HVPT is important
but these studies prepared stimulus variability manually or with simple signal processing techniques.
In this paper, more technically-enhanced HVPT is
introduced to enlarge the acoustic variability.

2. TECHNICAL IMPLEMENTATIONS OF
THE NEW ACOUSTIC VARIABILITIES
2.1. Vocal tract length (VTL) manipulation

VTL manipulation can be represented in the form
of linear transform in the cepstrum domain [13]. In
this paper, generation of giant voices or fairy voices
is realized by applying those linear transformations
to the original voices. Further, pitch manipulation
is also done automatically according to the resulting
VTL. Examples are embedded here in the PDF file.
2.2. Simulation of radio communication distortion

After applying low-pass filtering with 8kHz cut-off,
the amplitude of each sample is multiplied by a
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In addition to the above distorted voices, the original voices were also used. In total, four types of
voices were prepared. In the 16 dialogue questions,
four questions were assigned to each type of voice.
The monologue questions were prepared similarly.
The order of presentation was random and a session
of all the 32 questions took about half an hour.

fixed value, and the samples above a fixed threshold are clipped. The processed speech signals are
frequency-modulated at 100 kHz. After adding two
kinds of noises to the modulated speech signals,
which are speech signals modulated at 110 kHz and
noise signals modulated at 100 kHz, the resulting
signals are demodulated at 100 kHz. Examples are
embedded here in the PDF file.

4. THE PRE-TEST (JULY 2017)
2.3. Combination of various types of distortions
4.1. Participants and experimental setup

Combination of different distortions with quantitative control is straightforward technically. We built
a tool for acoustic morphing or degradation of input
speech, which combines four factors: a) waveform
addition (background noise), b) convolution (reverberation), c) VTL manipulation, and d) communication channel distortion. For each factor, the degree
of degradation can be controlled quantitatively. Examples are embedded here in the PDF file.

125 Japanese college learners of English and 2 native speakers participated in the test. The learners
took the test in a classroom, where questions were
presented with two loud speakers. The native speakers took this test in their private rooms using the
built-in speakers of their laptop PCs.
A test was composed of 16 dialogue-based questions and 16 monologue-based questions, and four
tests were prepared. The native speakers took all
the four tests but each learner took only two tests
and each test was taken by approximately 30 learners. Since all the questions are from official and old
EIKEN tests, there is no or ignorable difference in
the difficulty level among the four tests.

3. LISTENING COMPREHENSION TESTS
USING DISTORTED SPEECH
Listening tests using distorted speech were carried
out with Japanese college learners. After the initial
tests, special listening drills were imposed to them,
after which they took the same listening tests again.
In the listening tests, a listening comprehension
task was adopted, which is different from the task
adopted in [7, 15, 4, 8, 9, 10, 11]. In Japan, there is a
well-known English proficiency test, called EIKEN
[3], of which Grade 2 tests are designed for high
school students. Listening questions from EIKEN
G2 were used as original questions in this paper. The
listening part of EIKEN G2 has 2 subparts, questions using dialogues (Part A) and those using monologues (Part B). Test-takers listen to a short dialogue
between a male speaker and a female speaker (Part
A) or a short monologue (Part B). Then, a fourchoice question is given. The chance level is 25%
and Part B is more difficult than Part A.
Our difficult listening test was designed using
EIKEN G2 listening tests. A test was composed of
16 dialogue questions (A) and 16 monologue questions (B). To prepare distorted dialogues and monologues, three kinds of distortions were applied.
1) Male and female voices were converted to giant
and fairy voices, respectively, referred to as GF.
2) Any original voice was converted to the voice in
air traffic control, referred to as ATC henceforth.
3) Combination of 1) and 2). Male/female voices
were converted to those of a giant/fairy pilot, called
as GF+ATC. An example of GF+ATC, which was
used in our test, is embedded here in the PDF file.

4.2. Accuracy rates of learners and natives

The accuracy rates are compared between the learners and the native speakers, shown in Table 1. The
rates are calculated for each part (A or B) and each
type of voices. ANOVA shows that, in the learners’
rates, between any two types, a significant difference
is observed (p<0.001). The learners’ performances
are decreased in the order of Original, GF, ATC,
and GF+ATC. By comparing the learners’ rates of
GF and ATC, the latter distortion makes utterances
much more difficult to understand. Furthermore, the
rates for GF+ATC are almost chance-level. It is
very surprising that the native speakers can answer
in ATC completely and in GF+ATC rather correctly.
The results in ATC and GF+ATC exhibit a striking
contrast of learners’ weakness and native speakers’
robustness. In the phoneme identification task under
adverse conditions of background noise and reverberation [8, 9, 10, 11], such huge contrasts were not
observed. This is probably due to differences of the
task and the type of distortion adopted.
4.3. Analysis based on the learners’ TOEIC scores

Many of the students had taken the TOEIC test prior
to our tests and they are divided into three groups according to their scores, 400-600, 600-800, and 800-
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were prepared for 18 days. As in Section 3, these
questions were from the official EIKEN G2 tests but
different from the questions used in Section 4.
To reduce the difficulty level of materials with
ATC distortion, we prepared 4 levels of ATC distortion. Level 0 is telephone-quality speech with no
ATC distortion. The distortions were added to level
0 samples to produce samples of levels 1, 2, and 3.
The degree of distortion is increased in this order.
The listening questions with ATC distortion in our
difficult listening test correspond to level 3.
To each of the 180 original oral questions, four
kinds of ATC distortions were added to generate 720
listening materials in total. These listening materials
were provided on a web, where the correct answers
and the transcriptions of all the materials were also
made available. It should be noted that, in this listening drill, distortions of GF and GF+ATC were not
used at all, but used in the post-test.

Table 1: Accuracy rates of learners and natives
for the four types of listening tests [%]
Part Subject N Orig. GF ATC GF+ATC
A learners 125 68.9 59.2 34.2
25.9
native
2 100 100 100
93.8
B learners 125 55.6 46.1 31.4
25.4
native
2 100 100 100
87.5
Table 2: Accuracy rates of each TOEIC-based
group of learners for the four tests [%]
Part TOEIC N Orig. GF ATC GF+ATC
A 400–600 28 58.3 50.0 30.6
32.8
600–800 52 78.2 62.0 35.1
23.4
800–990 15 81.5 79.6 45.4
25.0
native 2 100 100 100
93.8
B 400–600 28 42.2 41.1 23.9
25.0
600–800 52 63.0 48.9 31.7
25.8
800–990 15 74.1 67.6 41.7
24.1
native 2 100 100 100
87.5

990, roughly corresponding to beginners’ level, intermediate level, and advanced level. The accuracy
rates are shown again in Table 2 but separately for
each level. Even for advanced learners, a by far bigger drop is found at ATC compared to the drop at
GF. Their performance in GF+ATC is chance-level.
Radio communication is used in such situations
where extremely high reliability is required, e.g., air
traffic control and police radio. From this fact as
well as the above experimental facts, the authors can
speculate easily that this type of acoustic distortion
causes almost no trouble to native speakers but that
it causes extraordinary troubles even to advanced
learners. A critical difference in listening strategies
might be found between native speakers and learners, and the authors can hypothesize reasonably that
radio communication distortion may be a good tool
for learners to acquire a new strategy of listening.
To verify this hypothesis, we planned to give the
same listening test again after some training with
distorted materials, but we had to wait for such a
long time that the learners would not remember what
were asked in the pre-test. If they remembered, they
would select the same answers, which were often incorrect. The pre-test was held in July 2017 and we
waited for four and a half months, during which we
did not inform anything on the post-test. After an
18-day listening drill was conducted for the learners, the same test was carried out again to them.

5.2. Procedure of listening in the drill

Without any prior instruction, the learners would use
the prepared listening materials in their own ways.
To avoid this and control their learning behaviors,
the authors gave the following instructions.
You have five new questions everyday. You should
start with level 3 of question 1. If you do not understand what is said, repeat listening to level 3 of
question 1 up to three times. If you still do not understand, use level 2 of question 1 and listen to it up
to three times. After that, you may use levels 1 and
0. This is the end of question 1 and go to question 2.
6. THE POST-TEST (DECEMBER 2017)
6.1. Participants of the post-test

Out of the 125 students who participated in the pretest, 63 students underwent the same test again in
the same environment (post-test). Due to time constraints imposed by the college curriculum, they
took only a half number of questions of the pre-test.
There were 16 dialogue questions and 16 monologue
questions in the post-test.
6.2. Effectiveness of ATC-based HVPT

55 out of the 63 students had taken the TOEIC test
and the results of these 55 students in the pre-test
are shown separately for each proficiency level in
Table 3. The score distribution in Table 2 is similar
to that of Table 3. Table 4 shows the 55 students’ results of the post-test, which was held a week after the
18-day listening drill. Differences between Table 3

5. DESIGN OF THE LISTENING DRILL
5.1. An 18-day Listening drill

Five dialogue questions and five monologue questions were prepared per day. A total of 180 questions
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Table 3: Results of the first test of the 55 learners
Part TOEIC N Orig. GF ATC GF+ATC
41.7
A 400–600 15 66.7 48.3 25.0
600–800 32 77.3 65.6 38.3
25.8
800–990 8 84.4 84.4 43.8
21.9
23.3
B 400–600 15 50.0 43.3 28.3
600–800 32 65.6 48.4 39.1
30.5
800–990 8 78.1 62.5 37.5
28.1

It seems to be the case with Original questions.
Large ERRs are only found again in the case of advanced learners. Even for intermediate learners, the
ERRs are negative for unknown reasons. From these
results, it can be said the ATC-based listening drill
is generally effective but highly effective only for
advanced learners, and effective transfer of robust
listening is also found only for them. This is probably because listening to speech materials in ATC
may require well-integrated knowledge of English
(phonology, syntax, semantics, pragmatics, etc). Or
only advanced learners could keep motivated during the listening drill. The authors wonder whether
similar effects can be observed in the case of nonadvanced learners when we introduce much milder
ATC distortions or untested types of distortion.
Although promising results are obtained in the experiment, to guarantee this effectiveness, the authors
have to answer several questions in the future: 1)
whether learners with the same amount of listening
drills composed only of original EIKEN G2 tests
will not show large robustness improvement and 2)
whether advanced learners can keep high robustness,
once they acquired, with no more difficult drills.

Table 4: Results of the second test of the 55 learners
Part TOEIC N Orig. GF ATC GF+ATC
A 400–600 15 70.0 66.7 26.7
35.0
600–800 32 73.4 73.4 40.6
32.8
800–990 8 96.9 96.9 75.0
40.6
B 400–600 15 66.7 48.3 38.3
23.3
600–800 32 61.7 51.6 42.2
35.2
800–990 8 87.5 84.4 62.5
31.3
Table 5: Error reduction rate (ERR)
Larger ERR values than 40 are shown in bold.
Part TOEIC N Orig. GF ATC GF+ATC
A 400–600 15 9.9 35.6 2.3
-11.5
600–800 32 -17.2 22.7 3.7
9.4
800–990 8 80.1 80.1 55.5
23.9
B 400–600 15 33.4 8.8 13.9
0.0
600–800 32 -11.3 6.2 5.1
6.8
800–990 8 42.9 58.4 40.0
4.5

and Table 4, which indicate directly effectiveness of
ATC-based HVPT, are quantified relatively as error
reduction rate (ERR) in Table 5. It is defined as
ERR =

7. CONCLUSIONS
With advanced speech modification technology, a
difficult listening test was designed and conducted
with three types of novel acoustic distortions. Results showed learners’ weakness and natives’ robustness with respect to ATC-based distortions. Four
and a half months afterwards, a listening drill for
ATC-distorted materials was made and the drill was
found to be very effective to improve the robustness
of listening in the case of advanced learners. However, the authors do not claim that the ATC-distorted
speech is the best speech to enhance listening robustness. It is also true that the distorted speech
samples used in this paper seemed too difficult for
non-advanced learners. Further, we can say that although the performance of advanced learners was
improved, their performance in Original is just comparable to that of native speakers in GF+ATC. This
means that a huge gap of listening performance still
exists between learners and native speakers. As well
as the future work listed in the previous section, we
are interested in measuring native speakers’ listening comprehension in a classroom environment and
in investigating strategic differences of listening between native speakers and learners.

ER of the pre-test − ER of the post-test
,
ER of the pre-test

where ER is error rate (=100−accuracy rate). In
[15], /a/-/ae/ identification test was adopted with
HVPT and ERR was reported to be about 40%. In
Table 5, larger ERRs than 40 are shown in bold.
Since all the materials used in the 18-day listening drill were ATC-based distorted materials, we
firstly focus on ERR in the case of ATC. Irrespective
of proficiency level, ERR is always positive, which
means ER (error rate) is reduced after the listening
drill. However, effectiveness is much larger for advanced learners. With them, about half of errors
were corrected by the listening drill.
Next, we focus on the results of GF. Also in this
case, ERR is always positive and it is surprising that
the values of ERR in GF are higher than those in
ATC. We can say that robust listening skills acquired
through the listening drill with ATC-based distortion
are transferred and exploited when listening to differently distorted speech. However, transfer of robustness is not always effectively made. The ERRs
are very small in Part B of beginning learners and
intermediate learners. We have to admit that stable
and good transfer of robust listening is found only in
the case of advanced learners.

This work was supported by MEXT KAKENHI
JP26118002 and JSPS KAKENHI JP26240022.
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ABSTRACT

learners to discriminate and identify L2 vowels, and
also examines whether phonetic training can have an
effect on the perceived similarity between native and
target language sounds. The study follows a high
variability phonetic training (HVPT) approach,
which involves training by means of stimuli from a
variety of talkers, phonetic contexts, tokens, etc. ([3,
14, 16, 23] among many others). Most perceptual
training studies make use of identification (ID)
and/or discrimination (DIS) tasks, and the ID task is
said to be superior to the DIS task [6, 15, 17, 22].
However, some studies using a categorical DIS task
have found that both tasks can be effective for
improving L2 perception [3, 9, 20]. Carlet [3] in fact
found that both ID and Categorical DIS were equally
effective to improve the identification of initial stops
by Catalan learners of English, but ID proved
superior to DIS with L2 vowel identification.
Finally, in addition to improvement from a pretraining to a post-training test, other suggested
indicators of a successful phonetic training regime
include generalization to untrained structures and
retention of learning over time [2, 9]. These two
factors provide evidence of robust learning [17].
This study thus aimed at testing whether ID and
categorical DIS training result in improvement of
both identification and discrimination. Secondly, it
tested whether a perceptual training regime can
affect the learners’ perceived similarity between L1
and L2 sounds, and if modifying cross-linguistic
perceived similarity is then related to improvement
in L2 perception. To that effect, a group of Catalan
learners of English completed either a DIS or ID
perceptual training regime and were tested before
and after training on the identification and
discrimination of English vowels, and the perceived
similarity between L1 and L2 sounds. Further,
generalization to untrained words and retention of
learning four months later was also tested.

L2 learners need to detect differences between
native and target language sounds in order to
categorize them, and thus perceive and produce
them, accurately. The current high variability
perceptual training study explored the effect of
identification and discrimination training on the
perceived similarity between Spanish and English
vowels and on the ability to identify and
discriminate target English sounds. Cross-linguistic
similarity was assessed by means of perceptual
assimilation tasks.
The results showed that a 6-session perceptual
training regime was insufficient to affect crosslinguistic similarity relations, as no consistent
change in perceived similarity between L1 and L2
vowels was observed from pretest to posttest.
Despite this, training was effective in improving
identification and discrimination of L2 vowels.
Further, posttest scores were replicated four months
later, showing long-term effects of perceptual
training on L2 perception. Results are discussed in
terms of the relationship between cross-linguistic
similarity and categorization of L2 sounds.
Keywords: Phonetic training, L2 speech perception,
cross-linguistic similarity.
1. INTRODUCTION
According to current models of second language
(L2) speech, e.g., [1, 8], in order to establish targetlike categories for L2 sounds, learners need to be
able to discern differences between L1 and L2
sounds. This can be achieved given sufficient L2
input and experience [8]. However, sufficient input
may not be readily available to L2 learners in
instructional or even naturalistic settings. Phonetic
training is an alternative source of focused input that
has been found to improve L2 learners’ ability to
perceive and produce target-language sounds [2, 19].
Therefore, phonetic training may also have an effect
on the learners’ ability to distinguish L2 from L1
categories, thus facilitating target-like categorization
of L2 sounds.
The current paper examines which of two types
of perceptual tasks is more efficient for training L2

2. METHODOLOGY
2.1 Participants
The initial participants were 45 Spanish/Catalan
bilinguals in their first year of an English Studies
University degree at a Spanish institution. Their
average age was 19.4 and most had started learning
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English as children at school, although very few had
spent time in an English-speaking country beyond
short summer visits. They were divided into two
experimental groups (discrimination training (DIS)
and identification training (ID)), and a control group
(CTL). A few students did not complete the training
or posttest and their data was discarded. The final
number of participants per group was 14, 13 and 11
for the DIS, ID and control groups, respectively. All
reported normal hearing and received payment for
their participation.

tested (/æ, ʌ, ɪ, i, ɜː, e, ɑː/) indicated by a symbol and
two common words containing the vowel. The DIS
group was trained by means of a categorical AX
discrimination task. The two stimuli were always
from two different speakers, and different-category
trials involved the following vowel pairs: /æ-ʌ/, /ɪiː/, /ɜː-e/, /ɜː-ɑː/. The two training tasks made use of
the exact same stimuli, so that all learners were
provided with the same input, independently of the
training regime they underwent. Hence, each ID
session included a total of 480 trials while a DIS
session consisted of 240 trials. Immediate feedback
was provided after each trial and global feedback at
the end of each session.

2.2 Study design and materials
Participants were tested on their perception of target
vowels before training (pretest), after training
(posttest) and four months later (delayed posttest).
At each testing time, learners’ perception was
measured by means of an identification task and a
categorical AX discrimination task. Cross-linguistic
similarity was tested by means of a perceptual
assimilation task (PAT). Table 1 shows the study
design. The CTL group remained untrained from
pretest to posttest but was administered a combined
DIS + ID training after the posttest and completed
the posttest again after that (posttest2).

2.4 Testing
2.4.1 Identification and discrimination tests
The identification and discrimination tests had the
same procedure and involved the same target sounds
as the ID and DIS training tasks. Two versions of
each test were created, one involving new nonword
stimuli and one consisting of real word stimuli.
Thus, the identification test was a 7AFC ID task
totalling 104 trials (four words per vowel per talker
and several repetitions). The response options were
pairs of two common English words containing and
representing each of the vowels tested (/æ, ʌ, ɪ, i, ɜː,
e, ɑː/). The discrimination test was a categorical AX
(same/different) DIS task involving the trained
vowel pairs: /æ-ʌ/, /ɪ-i/, /ɜː-e/, /ɜː-ɑː/. The total
number of trials was 96 (48 same, 48 different).

Table 1: Study design.
Pretest
7AFC ID
AX cat DIS
PAT
Stimuli:
nonwords
real words

Training
(6 sessions)
ID group
DIS group
Control group
Stimuli:
nonwords

Posttest &
Delayed Posttest
7AFC ID
AX cat DIS
PAT
Stimuli:
nonwords
real words

2.4.2 Perceptual assimilation task
In the PAT [11, 21], listeners were presented with
L2 (English) stimuli and had to identify them in
terms of L1 (Spanish) categories1 and then provide a
goodness of fit rating on a 7-point scale. The stimuli
consisted of nine English vowels (/iː ɪ ɛ ɜː æ ʌ ɑː aɪ
eɪ/) produced by three male native speakers of SSBE
in bVt sequences. The response alternatives were the
Spanish vowels /i e a o u/ and the diphthongs /ai ei
oi/. The total number of trials was 108 (9 vowels x 3
talkers x 2 tokens x 2 repetitions).

Training stimuli consisted of 84 unmodified CVC
nonwords from a previous study [3] containing the
seven Southern Standard British English (SSBE)
vowels /æ, ʌ, ɪ, i, ɜː, e, ɑː/ preceded and followed by
an obstruent (e.g., jeet, jit, dadge, dudge, jurb, jed,
jarb). Stimuli were recorded by four SSBE speakers
(2 female, 2 male). Testing stimuli involved 32 CVC
real words and 32 new nonwords elicited from two
new talkers (1 female, 1 male). The pretest, the
posttests and the delayed posttest were identical and
tested the perception of SSBE /æ, ʌ, ɪ, i, ɜː, e, ɑː/.

3. RESULTS

2.3 Training tasks and procedure

3.1 Identification test results

Training consisted of six 30-minute training sessions
over several weeks, carried out at a university’s
speech laboratory and delivered using the software
TP [18]. The ID group was trained by means of 7alternative forced choice identification tasks. The
response options were the seven English vowels

The percentage of correct identification scores
with real and nonwords was calculated for each
group at pretest and posttest (and posttest2 for CTL).
The results are presented in Fig. 1. A series of
GLMM analyses with test and group as fixed effects
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Figure 2. Discrimination results per group at pretest
and posttest (and posttest2 for CTL)

and percentage correct identification/correct
discrimination as the dependent variables were
conducted for the nonword and the real word
conditions. The analyses yielded a significant effect
of test (nonwords: [F(2, 9.041) =107.4, p = .000];
real words: [F(2, 9.041) = 84.52, p = .000]) and a
test x group interaction (non-words: [F(2, 9.041) =
24.25, p = .000]; real words [F(2, 9.041) = 13.85, p
= .000]), and no effect of group. Pairwise
comparisons showed that DIS and ID improved
significantly from pre- to posttest. The ID group,
with an accuracy increase of 16.3 (nonwords) and
22.6 (real words) percentage points from pre- to
posttest outperformed the DIS group (9.3 and 8.5,
respectively). This shows that while both training
methods were effective, ID trainees improved the
most. CTL did not improve with nonwords, but were
more accurate with real words at posttest by 6.8
percentage points, showing a smaller improvement
than the trained groups, but significant. CTL’s
greatest improvement took place after receiving
training in the second phase of the study (posttest2).

3.3 Delayed test results
Most of the participants carried out a delayed test,
which was identical to the pretest and the posttests,
four months after the completion of posttest (CTL
n=7, DIS n=11, ID n=10). The results were almost
identical numerically to the posttest results, both in
identification and in discrimination scores (see Table
2). In fact, GLMM analyses revealed no significant
differences between the posttest and the delayed test
results for any group, indicating that the
improvement from pretest to posttest was retained
four months later.

Figure 1. Identification results per group at pretest
and posttest (and posttest2 for CTL)

Table 2: Posttest and delayed test results (%correct).
Identification
ID
DIS
CTL (Postt. 2)
Discrimination
ID
DIS
CTL (Postt. 2)

Non-word
Posttest Delayed t.
70
71
57
59
75
74
Posttest Delayed t.
76
76
77
77
75
81

Real word
Posttest Delayed t.
79
77
63
59
80
74
Posttest Delayed t.
83
82
82
85
85
88

3.2 Discrimination test results

3.4 Perceptual assimilation task results

Discrimination results were analyzed in terms of
percentage correct responses and are shown in Fig.
2. As with the identification results, participants
performed better with real word stimuli than with
nonwords. A series of GLMM analyses were
conducted in the same fashion as with the
identification results. The analyses yielded a
significant effect of test (nonwords: [F(2,8.345) =
18.97, p = .000]; real words: [F(2,8.345) = 30.7, p =
.000]) and a significant test x group interaction for
real words ([F(2,8.345) = 6.36, p = .002]). Pairwise
comparisons revealed significant differences
between pre and posttest for ID and DIS, but not for
CTL. Significant improvement was observed for
CTL after the training phase (posttest2).

For each target English vowel the percentage of
identification as one of the Spanish vowels and the
corresponding average goodness ratings were
calculated. The results showed the following
patterns of L2-L1 perceptual assimilation: /æ/-/a/,
/i/-/i/, /eɪ/-/ei/, /ɛ/-/e/, /ʌ/-/a/, /aɪ/-/ai/, /ɑː/-/a/, /ɪ/-/e/
and /ɜː/-/e/, which are in accordance with previous
findings [5]. Following [11], in order to capture
differences in goodness of fit across the different
patterns of assimilation, a composite fit index score
for each pair was calculated by multiplying the
identification score by the goodness rating. Fig. 3
shows the PAT results for each group at pretest,
posttest and posttest2 (for controls). As can be seen,
the results were fairly consistent across groups and
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testing times. GLMM analyses conducted on the fit
index scores and exploring the effects of testing time
and group yielded no significant differences and no
interaction, despite some numerical differences
between groups and tests. Thus it seems that neither
training method had an impact on the perceived
similarity between L1 and L2 vowels.

cross-task differences in the nature of the response
alternatives and the role of feedback, or to the fact
that ID tasks are better at enhancing betweencategory sensitivity while DIS tasks promote within
category sensitivity [17]. Nevertheless, all trainees,
including the CTL group in the second phase of the
study, improved significantly after training, lending
support to the overall efficacy of HVPT [16, 17].
Regarding cross-linguistic similarity, the results
of the PATs showed that some English vowels are
perceived as highly similar to Spanish vowels, while
others have a poorer match in the L1 inventory, in
line with previous studies [5]. However, perceptual
training did not seem to modify the participants’
perceived similarity between L1 and L2 sounds as
no significant differences emerged between pre- and
post-training tests. The current results are in fact in
accordance with previous results from another
longitudinal study [12] and two cross-sectional
studies [4, 10]. For instance, Cebrian [4] reported no
difference between Catalan learners of English in
their home country and long-term Catalan residents
in Canada in their perceived similarity between L1
and L2 vowels. Nevertheless, other studies have
reported that increased experience with the target
language can affect the perceptual similarity
between L1 and target language vowels [7, 13].
To our knowledge, the current study is the first
one to examine the relationship between L2
perceptual training and cross-linguistic perception. It
is possible that six 30-minute sessions of specialized
phonetic training are not enough to trigger changes
in interlingual perception. However, it does not seem
to be the case that learners need to be better at
detecting differences between native and target
language sounds in order to perceive L2 sounds
more accurately since L2 identification and
discrimination improved while perception of crosslinguistic similarity remained unchanged. Further
studies may need to evaluate the actual impact of
perceptual training on the categorization of target
language sounds in relation to L1 sounds. In
addition, longer or different training regimes may be
necessary, for instance involving both L1 and L2
stimuli. Finally, this paper has analyzed group
performance only. An analysis of individual learner
data may reveal different patterns of development of
cross-linguistic similarity and L2 perception.
Examining these issues is left for further research.

Figure 3. Fit Index scores for the ID, DIS and CTL
groups.

4. DISCUSSION AND CONCLUSIONS
This paper set out to examine the effect of two types
of perceptual training on the ability to identify and
discriminate target language sounds and if training
had an effect on crosslinguistic perceived similarity.
The results of the identification and
discrimination pre- and posttests indicate that
training was effective in improving learners'
identification and discrimination of L2 sounds.
Improvement was observed for all trainees in both
identification and discrimination and of both
nonword and real word stimuli. The efficacy of
training was further supported by evidence of
generalization and retention [8, 17]: improvement
was found with untrained elements (new nonwords
and real words), and was retained four months after
training had finished. These results are largely in
agreement with previous HVPT studies [3, 9, 14,
20]. Furthermore, the finding that ID trainees
outperform DIS trainees in the identification of L2
vowels replicates Carlet's [3] finding for vowels.
Carlet argues that this difference may be related to

This research was supported by Grant No. FFI201788016-P from the Spanish Ministry of Economy and
Competitiveness and Grant No. 2017SGR34 from
the Catalan Government.
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1

The L1 in the PAT was Spanish as all participants spoke
Spanish even if many of them were Spanish-Catalan
bilinguals. Participants filled out a questionnaire about
their language background. No differences were observed
in the results of the PAT related to the language
dominance indicated on the questionnaire.
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Previous studies have reported positive effects
of ultrasound and visual-acoustic biofeedback
training in individuals with speech sound
disorders [1, 14, 19] and typically developing
speakers acquiring non-native sounds [5, 11].
However, most of these studies have also shown
the degree of learning outcomes to be highly
heterogeneous across participants [15, 20]. The
factors underlying this variability have rarely
been investigated. The personalized learning
framework suggests that individual differences
can act as significant predictors of learning
success under different training paradigms, and
that learning outcomes might be optimized if
learners are assigned to a training paradigm
aligned with their individual profile of abilities
[17, 22]. Inspired by this framework, the current
study examined predictors of learning success
when participants received ultrasound or visualacoustic biofeedback (Fig. 1) in a task of learning
vowels in a second language (L2), Mandarin.

ABSTRACT
Previous studies have reported that the visual
presentation of acoustic or tongue-kinematic
information during speech (i.e., biofeedback) can
facilitate speech sound learning; however,
participant-level success has been highly
heterogeneous, and individual differences have
rarely been investigated. The current study
explored predictors of success in an L2 vowel
learning task under different biofeedback
conditions: visual-acoustic or ultrasound.
Progress in production accuracy was predicted to
be correlated with individual learners’ sensory
acuity in auditory and somatosensory domains.
Baseline accuracy, production variability and
phonological awareness were also examined and
found to be significant predictors of learning.
Sensory acuity was not significant as a main
effect or interaction, which might reflect
limitations of the acuity measures adopted for
this initial study. Future studies will explore
additional measures of sensory acuity and will
continue to investigate the potential benefit of
customizing training paradigms based on
individual learners’ sensorimotor characteristics.
Keywords: L2; biofeedback;
differences; sensory acuity

Figure 1: Visual acoustic biofeedback shows realtime formant frequencies (blue wave) and a
superimposed target formant pattern (red line) in a
real-time LPC spectrum (generated with KayPentax
Computerized Speech Lab/CSL, Model 4500).

individual

1. INTRODUCTION
Visual biofeedback can be used to provide a realtime visual display of speech, together with a
model representing target production, to augment
the process of speech production training.
Various aspects of speech can be presented with
different technologies for visual biofeedback,
such as place and degree of tongue-palate contact
using electropalatography (EPG) [9], tongue
shape and movements with ultrasound [1], and
spectral properties of the acoustic signal of
speech using visual-acoustic biofeedback [14].
The current study focuses on ultrasound and
visual-acoustic biofeedback.

The primary predictors under investigation
were individual learners’ auditory and
somatosensory acuity, motivated in part by the
DIVA model [6, 7, 8] which suggests that
speakers’ precision in production is influenced
by the size of target regions in auditory and
somatosensory space. In addition, individual
speakers’ reliance on these two sensory domains
has been shown to be independent of one another,
with some speakers showing a sensory
preference for one over the other [4, 13, 16].
Therefore, we predicted that there would be
subsets of typical speakers who have relatively
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higher acuity in one domain and poorer acuity in
the other. Further, we hypothesized that different
profiles of sensory acuity could interact with
biofeedback type to predict learning outcomes.
When learning to produce non-native speech
sounds, speakers who have relatively poorer
auditory acuity may have difficulty establishing
accurate acoustic targets from auditory input.
These speakers would be expected to benefit the
most from visual-acoustic biofeedback, since the
visually presented acoustic targets could
compensate for the speakers’ less precise
auditory perception. On the other hand, speakers
who have intact auditory but poor somatosensory
acuity may perceive an L2 target accurately but
may not be able to use tactile-kinesthetic
information to identify the articulator
movements needed to generate that target. These
speakers would be expected to benefit more from
ultrasound biofeedback, since information about
articulator placement that is typically received
through somatosensory channels is made
visually explicit through this type of biofeedback,
which could enhance the establishment of
somatosensory targets.
Based on previous findings, baseline
production accuracy [11], production variability
[10] and phonological awareness (PA) [17] were
also examined as potential predictors.
2. METHODS
2.1. PARTICIPANTS

Participants were sixty-five female native
speakers of English (18-30 years old) with no
prior knowledge of Mandarin or other languages
that involve the target vowels described below.
All participants reported normal hearing and
speech language abilities and gave informed
consent before the experiment. The study
received approval from the Institutional Review
Board at New York University.
2.2. STIMULI

synthesized into a 240-step /y-u/ continuum
using STRAIGHT [12]. All recordings (.wav)
took place in a sound-attenuated booth, with a
sampling rate of 44 kHz and encoding of 16-bit.
2.3. PROCEDURES

Participants completed two sessions on separate
days with approximately one week between
sessions.
2.3.1. SESSION I

Session I began with a pure-tone hearing
screening, followed by tests of auditory acuity,
somatosensory acuity and PA.
Auditory acuity was tested using an AXB
staircase sound discrimination task. In each trial,
participants listened to three sounds in a
sequence and were required to indicate if it was
the first (A) or the third (B) sound that was
different from the second one (X). Sounds were
drawn from the /y-u/ continuum described above.
Acoustic distance between A and B in each trial
was adjusted based on the accuracy of the
response in the previous trial: step size decreased
following correct responses and increased
following incorrect responses.
Oral somatosensory acuity was then tested
using a Spatial Resolution Acuity task [21], in
which participants were instructed to use their
tongue tip to identify capitalized letters of 7
different sizes embossed on one end of Teflon
strips. This task also followed a staircase design,
in which the first trial started with a medium
letter size and accuracy in each trial determined
the letter size for the next attempt.
Participants took both acuity tasks twice, but
only scores from the first run were used due to
evidence of a possible learning effect.
Lastly, PA was tested using the composite
score from the elision, blending and phoneme
isolation tasks of the Comprehensive Test of
Phonological Processing (2nd edition; CTOPP-2).
2.3.2. SESSION II

An L2 vowel learning task was conducted using
two Mandarin vowel targets, /y/ and /u/, which
mainly differ in the second formant (F2) and
tongue position along the front-back dimension.
The stimuli for imitation and training were
isolated /y/ and /u/ productions from female
Mandarin speakers. Additional /y/ and /u/ tokens
produced by a female Mandarin speaker were

Participants were randomly assigned to either a
visual-acoustic or ultrasound biofeedback
condition and received 30 min (20 blocks of 6
trials) of training for each of the two Mandarin
vowels. The order of vowels being trained was
counterbalanced across participants. During the
training, participants repeated after audio models
while viewing real-time visual-acoustic or
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ultrasound feedback. A target image was
superimposed on the LPC spectrum or ultrasound
screen for participants to match. A female
Mandarin native speaker provided qualitative
feedback after each block of trials.
Twenty repetitions of each target vowel were
audio recorded at baseline and after training of
each vowel for acoustical analysis. No feedback
was provided for these repetitions.

interaction between biofeedback type and the
two domains of sensory acuity.
Model results showed that baseline
production accuracy was a significant predictor
for both /y/ (β = -0.66, SE = 0.1, p < .001) and /u/
(β = -0.47, SE = 0.1, p < .001), with the negative
coefficients indicating that a lower baseline
accuracy was associated with greater
improvement for both vowels (Fig. 2).

2.4. ANALYSES

Figure 2: Association between baseline production
accuracy (baseline ED) and change in ED over the
course of training

First (F1) and second (F2) formant frequencies
from the mid-point of each isolated vowel
production were measured and converted to Bark
scale for both English participants and Mandarin
control speakers. Euclidean distance (ED), which
quantifies the distance from English participants’
productions to the center of the distribution of
productions from their target speaker, was used
to evaluate production accuracy. Learning was
quantified as the difference in median ED
between pre-training and post-training time
points, with a negative value indicating improved
accuracy. Production variability was quantified
as the area of an ellipse [10] representing a 95%
confidence interval around the distribution of
productions for each individual and vowel.
3. RESULTS
Scores for each Session I measure were
reasonably dispersed across individual speakers,
but the acuity measures were not normally
distributed, with auditory acuity showing signs of
a ceiling effect. Accordingly, we avoided
parametric assumptions in our analyses.
Descriptive statistics showed a general
reduction of ED from pre- to post-training phases,
indicating improvement in production accuracy
over the course of training. Effect sizes (Cohen’s
d) revealed that the magnitude of change was
moderate for both /u/ and /y/. Linear regression
models were used to examine which factors were
significant in predicting the magnitude of change
over the course of biofeedback training. Change
in ED was entered as the dependent variable, and
independent variables included auditory acuity,
somatosensory acuity, PA, baseline production
accuracy, production variability at both baseline
& post-training time points, and biofeedback
type (visual-acoustic or ultrasound). The model
also included the theoretically predicted
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For /y/ only there was a significant effect of
post-training variability (β = 0.09, SE = 0.037, p
= 0.02), in which greater learning was associated
with lower variability at the post-training time
point (Fig. 3). For /u/ only, PA was a significant
predictor (β = -0.02, SE = 0.0072, p = 0.01),
showing that higher PA was associated with a
greater improvement.
Figure 3: Association between post-training
production variability (area of the ellipse) and
change in ED over the course of training

The rest of the hypothesized predictors and
interactions did not reach significance.

4. DISCUSSION
For both vowels, participants showed a general
reduction in ED from pre- to post-training phases,
indicating that they did get closer to the L2
targets, despite the brief duration of training
provided. This corroborates previous research
evidence showing that even a short duration of
biofeedback training can yield improved speech
production [5, 11]. It is unknown if the observed
improvement could be specifically attributed to
the biofeedback component. This could be
investigated in future studies by including a nobiofeedback control group. The present study
also did not find a significant difference in
response to the two types of biofeedback
examined, although further study is needed to
confirm that these approaches are truly
equivalent in their effect.
The finding that lower baseline accuracy was
associated with greater learning gains is
consistent with previous research [2, 11]. This
finding makes intuitive sense because low
baseline performance leaves more room for
improvement and avoids ceiling effects.
The present finding that a larger magnitude of
progress was associated with lower post-training
variability for /y/ aligns with previous findings
[10, 11] suggesting that successful learners show
a reduction in variability corresponding with the
establishment of a new and stable category for a
non-native sound. In contrast, there was no
significant effect of post-training variability for
/u/. This result contrasts with previous work
suggesting that effects of variability are more
pronounced for L2 vowels that have a similar
counterpart in L1 (as /u/ does) versus dissimilar
vowels [10]. However, it is possible that some
speakers showed low variability for the similar
L2 vowel not because they established a stable
L2 target, but because they were simply using the
motor plan for English /u/ both before and after
training. Given this possibility, variability may
be less reliable as a sign of learning success in the
context of an L1-adjacent vowel like /u/.
For /u/ only, PA was a significant predictor,
with higher PA corresponding with a larger
magnitude of progress in production accuracy.
Previous research has reported PA as a predictor
of L2 learning (e.g., [17]), but the mechanism of
its association with L2 production is less well
understood. One possibility is that speakers with
higher PA are more likely to attend to subtle
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acoustic differences observed across languages.
This could also explain why PA was a significant
predictor for the similar vowel /u/ but not the
uncategorized vowel /y/, which learners are
likely to perceive as distinct even without close
attention to phonetic detail.
Contrary to our predictions, there was no
significant interaction between biofeedback type
and sensory acuity, nor were there main effects
of sensory acuity. This might reflect limitations
of the current acuity measures. The synthesized
/y-u/ continuum used in the AXB discrimination
task was generated from the /y/ end, meaning that
the task was likely a better measure of acuity
perceiving /y/ than /u/. However, in light of the
above discussion of the relatively close
proximity of Mandarin and English /u/ and its
implications for perceptibility, a continuum
starting from the /u/ end might be better for the
current purpose. It is also possible that
production variability, which has been suggested
to reflect how narrowly specified a speaker’s
auditory targets are [3, 18], is simply a better or
more relevant measure of auditory acuity than the
explicit AXB task used here. Similarly, although
stereognosis tasks similar to that used here have
been effective as predictors of production
distinctness for consonants such as [s] and [ʃ], its
focus on tactile acuity of the tongue tip means
that it may be less relevant for the vowel targets
that constitute the focus of the present study. In
addition, some participants achieved a perfect
score in the second run, suggesting that a more
challenging task (e.g., drawing from a larger set
of letters) might be more appropriate.
5. CONCLUSION
The current study explored predictors of learning
in biofeedback-enhanced L2 speech sound
training. We hypothesized that sensory acuity in
auditory and somatosensory domains would
interact with biofeedback type (visual-acoustic
vs. ultrasound) to predict response to training.
The hypothesized interaction was not significant,
but the potentially relevant factor of production
variability did predict learning outcomes.
Phonological awareness was also a significant
predictor, consistent with previous findings [17].
Future research in this line could ultimately
enhance clinical and pedagogical outcomes by
pairing learners with training paradigms
customized to their own sensorimotor
characteristics.
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ABSTRACT
This study compares the use of an identification task
with the use of a discrimination task for training
Japanese speakers on the English high front vowels.
Seventeen Japanese speakers completed two sessions
of identification training with feedback, using ‘ship’
and ‘sheep’ tokens that were manipulated to vary
along the vowel duration and formant dimensions.
Their results were compared with those of twenty
Japanese speakers trained with an AX discrimination
task. A two-alternative forced-choice identification
task (without feedback) evaluated the participants’
use of temporal and spectral information before and
after training. The results indicate that both training
paradigms led to comparable improvement in the use
of temporal and spectral information. Hence,
previous research suggesting that the identification
task provides superior results to the discrimination
task may be due to mislabeling issues, rather than
learners’ lack of improvement in the use of spectral
information.
Keywords: Phonetic training, cue-weighing, vowel
perception, English vowels, Japanese.
1. INTRODUCTION
Phonetic training paradigms typically use an
identification task [e.g., 7, 12, 13], although a few
training paradigms have tested the use of a
discrimination task [e.g., 8, 9, 17]. An identification
task consists of presenting the second language (L2)
learners with an audio recording of a word such as
ship and asking them to identify whether they heard
the word ‘ship’ or ‘sheep’. An AX discrimination task,
on the other hand, consists of presenting the L2
learners with an audio recording of two words (e.g.,
ship – sheep) and asking them to identify whether the
two words were the same or different. Hence, a
possible advantage of the use of a discrimination task
over the use of an identification task is that it could
be used with populations who are not literate in the
L2, such as elementary school children learning their
heritage language. An important concern, therefore,
is whether the discrimination task yields similar
results to the identification task.
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A few studies have compared the efficiency of
discrimination training versus identification training.
While some studies evaluating the acquisition of Thai
tones by English speakers [18] and the acquisition of
English coda consonants by Mandarin Chinese
speakers [5] have concluded that both tasks are
equally effective, studies with vowel contrasts have
generally found that the identification task yields
superior results [3, 4, 15]. A recent study, however,
found that while the AX discrimination task was
effective for increasing learners’ sensitivity to
contrasts along the spectral dimension, there were
some instances of mislabeling issues where 25% of
the Japanese listeners associated the vowel /i/ with the
word ‘ship’ instead of ‘sheep’ post-training [9].
Crucially, mislabeling issues do not mean the learners
failed to develop separate vowel categories along the
spectral dimension. Accordingly, the current study
evaluated whether identification training yields
superior results to discrimination training with the
high front vowel contrast, when mislabeling issues
are disregarded.
While English speakers rely mainly on changes in
the first (F1) and second (F2) formant frequencies to
distinguish the high front vowels as in ‘ship’ and
‘sheep’ [2, 6, 10], Japanese speakers tend to rely
instead on vowel duration [6, 14]. Hence, the current
study looked at the use of temporal (vowel duration)
and spectral (formant) information for identification
of the English high front vowels by Japanese speakers
before and after either identification or discrimination
training.
2. METHOD
2.1. Participants

Thirty-seven right-handed native speakers of
Japanese with no reported history of speech or
hearing impairment and recruited at The University
of Tokyo took part in the experiment. Twenty were
assigned to the discrimination condition and
seventeen to the identification condition. Those
assigned to the discrimination training were between
18 and 27 years old (M=20) and had never spent more
than 8 weeks (M = 1.7 week) in an English-speaking
country. Their results were first reported in [9]. Those

assigned to the identification training were aged
between 18 and 23 (M = 21) and had never spent more
than 3 weeks in an English-speaking country (M =
1.25 week). The Japanese participants received a
monetary compensation.
The results of a group of forty monolingual North
American English speakers recruited at The
University of Victoria in Canada aged 17-28 (M =
21), first reported in [9], are used as a baseline for
comparison. They received course credit for their
participation.

2.3. Procedure

2.3.1. Pre-test and post-test
The pre-test and post-test were identical. The 28
tokens used as stimuli were presented randomly 4
times with the first round discarded from the analyses
as a practice session. Each test was conducted in the
form of a two-alternative forced-choice identification
task. The tests were performed in a sound-attenuated
room, with stimuli presented via high quality BOSE
headphones. No feedback was provided during a test.
The English participants completed the test only once
and they did not do any training.

2.2. Stimuli

Twenty-eight tokens were created by manipulating
the vowel of a ship sample produced by a female
American English speaker. The recording was done
in a sound attenuated booth with a Shure SM10A
microphone, and saved directly to computer using
Praat [1]. The first (F1), second (F2) and third (F3)
formants were manipulated in 7 equal steps on the
Bark scale [21] using a script [20], to go from ‘ship’
to ‘sheep’. The formant values of the 7 resulting
vowels schematized in Figure 1 below are: token 1
(679/2087/2999), token 2 (631/2203/3041), token 3
(585/2326/3084), token 4 (540/2457/3128), token 5
(497/2596/3172), token 6 (456/2744/3218) and token
7 (415/2902/3264).
After manipulation of the vowel quality, the
duration of the 7 vowels was manipulated from short
to long (90ms, 120ms, 150ms and 180ms) in 4 equal
steps of 30ms using a script [19], to yield 28 tokens.
The duration of the onset consonant was fixed to
210ms, the closure of the stop consonant to 136ms
and the release burst to 100ms, across all 28 tokens.
The pitch pattern was altered to downward-rising to
provide a more natural pitch contour.

2.3.2. Identification training
After the pre-test, the seventeen Japanese listeners
assigned to the identification condition went through
one hour of training, which was divided into two 30minute sessions held on separate days. For the
identification training, participants underwent the
same two-alternative, forced-choice identification
task akin to the pre-test and post-test but with
feedback (a written message indicating whether the
choice was correct). The 16 training tokens were
presented randomly 32 times each, for a total of 512
words heard during a session of identification
training.
2.3.3. Discrimination training
The twenty Japanese listeners assigned to the
discrimination condition went similarly through one
hour of training, divided into two 30-minute sessions
held on different days (their results were first reported
in [9]). In the discrimination training, the 16 training
tokens were presented through a ‘same-different’ AX
discrimination task. The 16 training words were
paired so that 16 combinations featured words that
differed in terms of spectral quality, such as token 2
in Figure 1 followed by token 6 (these should be
labeled as 'different' by the participants), and 16 pairs
featured words that may have different vowel
duration, but the spectral quality was the same, such
as token 1 and token 16 (these should be labeled as
'same' by the participants). None of the words was
paired with itself. Each word was presented 32 times,
for a total of 512 words heard during a session of
discrimination training.

Vowel duration (ms)

Figure 1: Distribution of the 28 stimuli used for the
pre- and post-tests. The 16 stimuli used for training
are presented in grey shading.

/i/

/I/
180
150
120
90

22
15
8
1

23
16
9
2

24
17
10
3

25
18
11
4

26
19
12
5

27
20
13
6

28
21
14
7

F1/F2 (and F3)

Only 16 of the 28 manipulated tokens, presented
in grey shading in Figure 1, were used for training.
These 16 tokens were selected from both ends of the
spectral continuum, and testing with English speakers
confirmed that they were the tokens most often
categorized as ‘sheep’ or ‘ship’ (that is, they
represented clear exemplars of each vowel category).

3. RESULTS AND DISCUSSION
First, we confirmed that the participants improved
their performance during training with both the
discrimination task and the identification task. As
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reported previously [9], the average scores on the
discrimination task were 88.3% (std. dev.: 10.6) on
the first training day, and increased to 93.6% on the
second training day (std. dev.: 8.10), a significant
improvement of 5.3% (t(19) = 4.09, p < 0.001).
Participants assigned to the identification training
paradigm also improved their performance from the
first training day (93.2%, std. dev.: 6.57) to the
second training day (97.2%, std. dev.: 2.70), a
significant increase of 4% (t(16) = 2.96, p < 0.01).
The goal of the current study was to assess
whether identification training leads to greater
changes in cue-weighting than discrimination
training for categorization of the vowel contrast in
‘ship’ and ‘sheep’ by native Japanese speakers. The
following sections look, in turn, at changes in the use
of vowel duration and at changes in the use of spectral
information by participants in the two training
conditions. Their performance post-training is also
compared with that of native English speakers for
reference.

English) as the between-subject factor. The data was
not spherical (W = 0.40, p < .001), and so
Greenhouse-Geisser estimate of sphericity (ε = 0.51)
was used. The Condition X Duration interaction was
not significant; F(3, 105) = 0.52, p < .582, ηp2 = .007.
Thus, the behaviour of both training groups was the
same as that of the English native speakers after
training.
Figure 2: Comparative results between
discrimination and identification training involving
the 28 test tokens across all vowel duration values
for the pre-test and post-test. English data are
provided on both graphs for reference.

3.1. The use of temporal cues

Figure 2 shows the use of vowel duration by the
discrimination group and identification group before
(pre-test) and after training (post-test), compared with
English speakers’ performance. Both training groups
used vowel duration to contrast the vowels on the pretest, whereas English speakers did not. At post-test,
both training groups have learned to ignore the vowel
duration contrast.
The vowel duration data were analysed using a
mixed-design ANOVA in R [16] with within-subject
factors of Duration and Time (pre-test and post-test)
and a between-subject factor of Condition
(discrimination and identification). The package “ez”
was used for the analysis [11]. Mauchly’s test
indicated that the assumption of sphericity had been
violated (W = 0.32, p < .001), therefore the degrees
of freedom were corrected (ε = 0.58). Participants in
the two training conditions behaved differently from
pre-test to post-test, which was shown by the
significant Time X Duration interaction; F(3, 105) =
112.34, p < .001, ηp2 = 0.43. However, the Time X
Condition X Duration interaction was not significant;
F(3,105) = 2.53, p = .095, ηp2 = .016, and so there was
no differential effect for training: Participants in the
discrimination group used vowel duration in a way
comparable to the identification group both in pre-test
and post-test.
Furthermore, the post-test performance on vowel
duration of both training groups was comparable to
that of the native speakers. A mixed-design ANOVA
was performed with Duration as the within-subject
and Condition (discrimination, identification, and

3.2. The use of spectral cues

In the discrimination training study, some cases of
mislabeling issues were found on the post-test, where
5 out of 20 Japanese speakers associated the vowel /i/
with the word ‘ship’ instead of the word ‘sheep’ [9].
No mislabeling issues were found with the
identification training. As the focus in the current
study is to compare the ability of Japanese speakers
use of spectral information after discrimination
versus identification training, the association between
the vowel categories and their respective
orthographic representations was disregarded. That is,
the post-test data of the mislabeling participants in the
discrimination condition were reversed by recoding
as ‘sheep’ all instances labeled by the participant as
‘ship’, and vice versa. Hence, the data used for
analyses for the discrimination task includes all 20
participants (whereas only 15 were used for the
analyses in [9]).
As shown in Figure 3, the use of the spectral cues
by the discrimination and identification training
group were comparable on the pre-test, with less
reliance on spectral information than native English
speakers in order to classify the vowels. On the post-
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test, however, both training groups had increased
their use of spectral information towards that of
native English speakers’ performance. And the
improvement observed with the discrimination task
was equivalent to the improvement achieved with the
identification task, though neither achieved nativelike performance.
The formant data were analysed using, once
again, a mixed-design ANOVA with within-subject
factors of Formant and Time (pre-test and post-test)
and a between-subject factor of Condition
(discrimination and identification). Mauchly’s test
indicated that the assumption of sphericity had been
violated (W = 0.05, p < .001), therefore degrees of
freedom were corrected using Greenhouse-Geisser
estimate of sphericity (ε = 0.45). Both of the training
conditions changed their behaviour over time, which
was shown by the significant Time X Formant
interaction; F(6, 210) = 55.51, p < .001, ηp2 = .34.
However, the Time X Condition X Formant
interaction was not significant; F(6, 210) = 0.85, p
= .53, ηp2 = .008, indicating there was no differential
effect for training: both training groups exhibited
comparable results.

= 0.054, p < .001), therefore Greenhouse-Geisser
estimate of sphericity (ε = 0.58) was used. The
Condition X Formant interaction was significant;
F(12, 444) = 16.83, p < .001, ηp2 = .26. Both groups
did not attain the same behaviour as native speakers.
Understandably, the effect of training versus the
effect of exposure to the stimuli need to be
disentangled in the future by running a control group.
Keeping this in mind, the results so far suggest that
discrimination training and identification training
may yield comparable results when looking at
changes in the use of vowel duration and spectral
information. Hence, previous studies demonstrating
that identification training yields better results than
discrimination training for the learning of vowel
categories (e.g., [3], [4]) may have encountered
mislabeling issues, which may have affected the
results of the group assigned to the discrimination
condition. As discrimination training does not
provide information about phoneme-grapheme
associations, mislabeling issues may be expected
with this kind of training if no specific instruction in
this regard has been provided. The long-term benefits
of discrimination training as well as generalization to
new tokens and talkers still need to be investigated by
taking into consideration mislabeling issues.

Figure 3: Comparative results between
discrimination and identification training involving
the 28 test tokens along the spectral continuum for
the pre-test and post-test. English data are provided
on both graphs for reference.

4. CONCLUSION
The current study compared the use of an
identification task with the use of an AX
discrimination task for training with the English
vowels in the words ‘ship’ and ‘sheep’ by native
Japanese speakers. A cue-weighting task evaluated
the use of temporal and spectral information by the
two groups before and after one hour of training.
Their performance was also compared with that of
native English speakers. It was found that the learners
assigned to the discrimination group and those
assigned to the identification group equally reduced
their reliance on vowel duration while equally
increasing their sensitivity to spectral information
towards native speakers’ performance. Participants in
both training conditions performed like native
speakers on the use of vowel duration after one hour
of training, but still differed from native speakers on
their use of spectral information, though their use of
this cue became more categorical.
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DIFFERENT HIGH VARIABILITY PROCEDURES FOR TRAINING
L2 VOWELS AND CONSONANTS
Angélica Carlet
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Results pointed to a significant positive effect of a
phonetic training method for a subset of the target
consonants and vowels, namely /v/, /d/, /iː/, /ʌ/, /b/.
The investigators suggested that different factors,
such as metalinguistic knowledge, word frequency
and vowel duration might have affected the
perception of the different sounds. These studies
(among others) provide empirical evidence that
despite some similarities between vowel and
consonant learning [12], these two segments require
different degrees of effort from L2 learners [18] and
might require different training procedures [16].
Traditionally, most HVPT studies trained L2
learners’ perception by means of discrimination
(DIS) [15, 22] and/or identification (ID) training
procedures [11, 13]. Despite the widely reported
superiority of ID training [2,1,13], some studies that
compared ID and Categorical DIS point to the fact
that both training methods are effective when
modifying learners’ perception of L2 sounds [5, 17,
21]. For instance, Flege [5] directly compared these
two procedures (AX categorical discrimination and
forced-choice identification) in a study training
Mandarin speakers in L2 English final stops. Results
revealed that both types of training promoted gain,
generalization and retention of learning to the same
extent. The current paper reports the results of part
of a study whose goal was to contrast the effect of
two phonetic training regimes (ID and Categorical
DIS) on the perception of L2 English vowels and L2
English stops by Spanish/Catalan native speakers.
Moreover, the study aimed at assessing if learning
acquired through training generalized and was
retained over a period of two months.

ABSTRACT
This paper investigates the effectiveness of two high
variability phonetic training methods aimed at
improving the perception of a subset of English
vowels (/i ɪ æ ʌ ɜː/) and initial and final stops by
Spanish/Catalan bilinguals. One-hundred L2
learners of English were divided into 4 experimental
groups and a control group. Experimental groups
differed in training method (forced-choice
identification (ID), AX categorical discrimination
(DIS) and trained segment (vowels, stops).
Participants were tested on their ability to
perceive the target sounds presented in non-words
and real words before training, after training and
two months later. Results revealed that both training
methods proved effective. However, while the ID
trainees improved and generalized learning to a
greater extent than the DIS trainees on the
perception of L2 Vowels; both training methods
were equally effective when training L2 stops.
These results suggest that modifying the
perception of different types of segment might
require different training procedures.
Keywords: High variability phonetic training, L2
speech perception, L2 vowels, L2 consonants.
1. INTRODUCTION
High variability phonetic training (HVPT) has been
found to have a positive effect on the ability to
correctly perceive L2 consonant sounds [7, 8, 10,
22] and L2 vowel sounds [9, 6]. Most studies found
in the training literature focus on one segment only
(vowels or consonants). The few HVPT studies that
have trained both consonants and vowels in a
controlled manner have reported different degrees of
success with each segment [1, 3, 17]. For instance,
Aliaga-Garcia and Mora [1] investigated the effect
of six two-hour mixed-methods phonetic training
sessions on the perception and production of the
initial English stops (/p-b/ and /t-d/) and four
English vowels (/æ-ʌ/ and /ɪ-iː/) by a group
Catalan/Spanish native speakers. Whilst perception
of all trained vowels was enhanced, only two
consonant sounds improved as a result of the
training regime.
In a different study, Cebrian and Carlet [3]
assessed the effect of HVPT regime on the
perception of four English consonant sounds (/v/-/b/
and /d/-/ð/) and two vowel pairs (/iː/-/ɪ/and /æ/-/ʌ/)
by Catalan‐Spanish advanced learners of English.

2.

EXPERIMENT

2.1 Participants
One hundred Spanish/Catalan learners majoring in
English Studies in a public university in Barcelona
participated in this study and were divided into four
experimental groups and a control group (CG). The
experimental groups were a vowel identification
group (ID_V), a vowel AX discrimination group
(DIS_V), a consonant identification group (ID_C),
and a consonant discrimination group (DIS_C). All
subjects reported normal hearing and received
course credit at study completion. Importantly, 89
participants completed all training and testing tasks
at T2 and only 63 at T3.
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by means of a 7-alternative forced-choice
identification task for the vowel group, and a 6alternative forced-choice identification task for the
consonant group. Training involved the same 576
stimuli, in order to ensure that all groups were
exposed to the same set of stimuli throughout
training. Immediate feedback was provided after
each trial indicating if their perceptual answer was
correct or incorrect. When incorrect, the correct
answer was informed. Moreover, global feedback
was provided at the end of each session indicating
the total number of hits and errors.

2.2 Design and Material
All groups were assessed before training, after
training and two months later (T1, T2 and T3). The
experimental groups received training either on
vowels or consonants by means of non-word
stimuli. Assessment involved identification of CVC
non-words and real words, so that real words
assessed a type of generalization. Moreover, all
talkers from testing and training differed, so that
generalization to novel talkers was assessed along
with the main effect of training. The CG performed
transcription exercises on the Web transcription
tool, an open source transcription platform [4].
Recordings of six southern British speakers (3 F; 3
M) provided the training, testing and generalization
stimuli. Recordings took place in a soundproof
chamber in an English university and each word was
recorded three times, with additional repetitions
whenever necessary. Stimuli were embedded in the
following carrier sentence It rhymes with “real
word”, “non-word”. I say “non-word” now; I say
“non-word” again.
2.2.1

3. RESULTS AND DISCUSSION
3.1 Main training effect and generalization to
novel talkers
Since training made use of non-word stimuli, the
main effect of training will be evaluated by looking
at the amount of gain in perception for non-words.
Since talkers from testing and training differed, this
data also reports the effects of generalization to
novel talkers. The data for vowel trainees will be
shown first, followed by the data for the consonant
trainees.

Testing Stimuli

Testing stimuli consisted of unmodified CVC nonwords and real words produced by two speakers
unheard at the training phase. 30 non-words and 10
real words were used to test the perception of five
southern British English vowels /æ, ʌ, ɪ, i, ɜː/, and
24 CVC non-words and 24 real words to test the
perception of stop consonants placed either on onset
or coda position. In addition, 16 non-words and 8
real words involving the vowels /e/ and /ɑː/ were
included as testing fillers.
2.2.2

3.1.1

Table 1 shows the percentage correct identification
of non-words at T1, T2 and gain scores for the two
groups trained on vowels (ID_V, DIS_V) and the
CG. Since the groups did not differ statistically at
pretest (F (2, 51) = .37, p = .68), the effect of
training was explored by comparing the amount of
gain for each group by means of a generalized linear
mixed model (GLMM). Analysis yielded a
significant main effect of group (F (2, 51) = 53.29, p
<.01), and pairwise comparisons with a sequential
Bonferroni correction revealed that both groups
(DIS_V and ID_V) significantly outperformed the
controls (p <.01 in both cases) in their improved
identification of vowels, and that the ID_V
significantly outperformed the DIS_V (p <.01).
These results suggest that whilst both training
methods are effective for training vowel perception,
ID training may be superior to DIS training in
directing the learners’ attention to specific L2 vowel
sounds.

Training stimuli

Training stimuli consisted of 72 unmodified CVC
non-words produced by four Southern British native
talkers (2M, 2F). Every non-word contained one of
the seven selected English vowels /æ ʌ ɪ iː ɜː e ɑː/
and one of the six English stop consonants /p t k b d
g/ either initially or finally. The exact same words
were used to train vowels and consonants; however,
the consonant group was asked to attend to and
identify the initial and final consonants that were
part of the stimuli, whereas the vowel groups were
asked to attend to and identify the vowel sounds
present in the stimuli.
2.2.3

Vowel training groups

Procedure

Table 1. Percentage correct identification of nonwords at T1, T2 and gain scores by vowel trainees
and CG

The native Catalan subjects participated in five 30minute training sessions delivered by the freeware
software TP [19]. Participants were told that the
purpose of the study was to increase their ability to
perceive L2 sounds. The DIS groups were trained by
means of AX discrimination tasks consisting of 288
trials (576 stimuli) and responded by clicking on
“same” or “different”. The ID groups were trained

CG
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DIS_V

ID_V

% (SD)

% (SD)

% (SD)

T1

54.1 (9.9)

55.5 (6.5)

52.9 (9.5)

T2

57.8 (10.2)

65.3 (9.7)

79.1 (13.3)

GAIN

3.7

9.8

26.3

Bonferroni pairwise comparisons confirmed that
only the ID_V group outperformed the CG, p <.05.
Moreover, the ID_V group outperformed the
DIS_V, indicating that generalization to L2 vowels
embedded in real words only occurred after
receiving identification training (p <.01). This result
points to two important facts. First of all, it provides
further evidence of the robustness of the ID training
method, and secondly, it indicates that an ID
training method is superior to a categorical DIS
method when promoting generalization to real
words stimuli, in line with previous research [11,
22]. A possible explanation for this superiority
might be connected to the presence of labels in the
ID task, which provided learners with focus on
phonetic form (i.e. phonetic symbols and/or
orthography), which is said to impact speech
perception [20].

3.1.2 Consonant training groups
Correct identification scores obtained by the
consonant trained groups and CG at T1 and T2 and
the respective gain scores are shown in Table 2. A
GLMM model with position (initial, final) and
group as fixed effects was conducted on the gain
scores. Results revealed a significant effect of
position (F (1, 96) = 11.096, p <.01), a significant
effect of group (F (2, 96) = 9.662, p <.001), and no
group by position interaction (F (2, 96) = 2.494, p
>.05). Bonferroni pairwise comparisons revealed
that both experimental groups significantly
outperformed the controls (p <.01) and that the
trained groups did not differ significantly from each
other (p >.05). No effect emerged for the final
consonants, despite the numerical advantage of the
experimental groups (4.3-5.5% gain) over the
controls (0.5%). This result indicates that both
training methods were efficient in changing L2
learners’ perception of initial stops to the same
extent. However, no significant improvement was
found with the final consonant stimuli in the present
study. This may indicate that changing L2 learners’
perception of initial and final consonants require
different amounts of training time. Recall that the
sessions that participants received were divided into
two equal parts, so that both initial and final stops
could be trained. Taken together, the different
results for initial and final consonants suggest that
such a short amount of training is sufficient to
positively modify L2 VOT perception; however, it
is not sufficient to modify the perception of final
stops.

Table 3. Percentage correct identification of real
words at T1, T2 and gain scores by vowel trainees
and CG.
CG

DIS_V

ID_V

% (SD)

% (SD)

% (SD)

T1

72.2 (11)

78.2 (9.7)

73.1 (11.2)

T2

79.5 (10.3)

79.7 (11.1)

88.5 (9.5)

GAIN

7.3

1.5

15.4

3.2.2

The percentage correct identification of L2 stops in
real words at T1, T2, and the amount of gain for
each of the three groups are shown in Table 4.
Table 4. Percentage correct identification of real
words at T1, T2 and gain scores by consonant
trainees and CG

Table 2. Percentage correct identification of nonwords at T1, T2 and gain scores by consonant
trainees and CG

CG

DIS_C

ID_C

% (SD)

% (SD)

% (SD)

80.9 (11)

77.5 (10.3)

75.2 (20.8)

81.9 (11.4)

88.3 (5.9)

2.3

4.4

13.1

% (SD)

% (SD)

% (SD)

65.5 (8.2)

69.3 (11.4)

66.7 (8.6)

T2

68.3 (8.6)

72.3 (7.8)

71.7 (8.0)

GAIN

2.9

3.1

5.1

CG

DIS_C

ID_C

Initial Stops

% (SD)

% (SD)

% (SD)

T1

78.1(12.4)

69.5 (9.6)

72.8 (9.5)

Initial
Stops
T1

T2

79 (13.4)

82.3 (9.8)

88.7 (7.1)

T2

GAIN

0.9

12.8

15.9

Final Stops

% (SD)

% (SD)

% (SD)

T1

69.1 (7.8)

70 (16.8)

69.9 (8.8)

GAIN
Final
Stops
T1

T2

69.6 (6.2)

74.3 (7.3)

75.4 (7.0)

GAIN

0.5

4.3

5.5

3.2 Generalization to real words
3.2.1

Consonant training groups

83.2 (10)

A GLMM model with position (initial, final) and
group as fixed effects was conducted on the gain
scores and yielded no significant effect of position
(F (1, 96) =2.27, p >.05), no significant effect of
group (F (2, 96) = 2.76, p >.05), and no group by
position interaction (F (2, 96) = 1.79, p >.05). These
results report no evidence of generalization to real
words for any of the consonant trained groups. This

Vowel training groups

Table 3 shows the percentage correct identification
of L2 vowel sounds embedded in real words at T1,
T2, and the amount of gain for each of the three
groups. The results yielded a significant main effect
of group, (F (2, 51) = 9.16, p <.001). Sequential
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Table 6. Percentage correct identification of non-words
at T1, T2 and T3 by vowel trainees and CG.

might be due to the reduced training time allocated
for each consonant segment.
3.3 Retention effects at T3
This phase of the study assessed whether the
improvements observed as a result of training were
maintained after the training regime was over. To
that effect, participants performed a delayed posttest two months after the completion of training
(T3). Importantly, fewer participants completed this
last test and the total number of participants at this
phase was less homogeneous among groups. There
were 9 controls, 17 ID_V trainees, 12 DIS_V
trainees, 12 ID_C participants and 13 DIS_C
participants at T3. The results for the subset of
participants that completed all training stages are
shown next.

Correct identification percentages by the vowel
trained groups and the controls at T1, T2 and T3
were calculated and can be seen in Table 5. The
three groups performed either numerically higher or
similarly to T2 in T3, including the CG.

% (SD)

% (SD)

% (SD)

T1

56.7 (11.3)

53.0 (4.2)

51.8 (9.7)

T2

61.9 (11.1)

62.8 (9.4)

79.7 (9.3)

T3

63.3 (14)

60.4 (8.2)

80.1 (8.3)

Initial Stops

%(SD)

%(SD)

%(SD)

T1

79.2 (15)

71.8 (9.4)

71.0 (10.9)

T2

82.6 (14.7)

84.6 (9.3)

88.4 (6.8)

T3

80.2 (13.9)

86.4 (9.7)

84.3 (14.4)

This study assessed the effects of two perceptual
methods and it demonstrated positive changes in L2
learners’ perceptual abilities as a result of high
variability phonetic training (HVPT). More
specifically, the present investigation provided
evidence that identification (ID) training is more
effective than discrimination (DIS) training at
improving perception of L2 vowel sounds, in line
with some previous studies. This was true both with
the perception of non-words as well as when testing
generalization to real words. Nevertheless,
categorical DIS training was also effective in
improving vowel perception, even if to a lesser
extent than ID training. Besides this, both methods
were similarly found to retain the learning acquired
through training. As regards to training consonant
sounds, performance with final stops was not
successfully enhanced by any of the two short
training regimes under investigation. On the other
hand, both ID and categorical DIS methods were
found to promote gain and retention effects to a
similar extent when training initial stops differing in
VOT. This suggests that modifying the perception
of different types of segment might require different
training procedures and amounts of training time.

ID_V

Analyses with time as a fixed effect (T1, T2, T3) for
each group showed no significant effect of time for
the CG (F (2, 48) = 1.84, p >.05), confirming that
this group performed similarly across all three
testing times. Regarding the trained groups, results
in each case yielded a significant effect of time (ID:
F (2, 48) = 51.35, p <.01; DIS: F (2, 33) = 7.62, p
<.01). Importantly, Bonferroni adjusted pairwise
comparisons confirmed that the performance at T1
significantly differed from the performance at T2
and T3 (p < .001 in both cases). Moreover, the
results at T3 did not differ from T2 results, revealing
that L2 vowel learning acquired through training
was maintained over a period of two months.
3.3.2

ID_C

4. CONCLUSIONS

Table 5. Percentage correct identification of non-words
at T1, T2 and T3 by vowel trainees and CG.
DIS_V

DIS_C

Analyses showed a significant effect of time for
both trained groups (ID: (F (2, 33) = 11.46, p
<.001) and DIS: (F (2, 36) = 9.369, p <.01)).
Bonferroni adjusted pairwise comparisons
confirmed that the performance at T1 significantly
differed from the performance at T2 and T3 (p <
.001 in both cases). Moreover, the results at T3 did
not differ from T2 results. These results revealed
that both groups were able to retain initial
consonant learning two months after the training
ended, which indicates that robust learning has
taken place [13].

3.3.1 Vowel training groups

CG

CG

This research was supported by research grants
FFI2017-88016-P and FFI2013-46354-P from the
Spanish Ministry of Economy and Competitiveness,
and by the research group Grant 2017SGR34 from
the Catalan Government.

Consonant training groups

Correct identification scores for initial stops by the
subset of participants at the three testing times are
shown in Table 6. All groups performed
numerically similarly or better at T3 than at T2,
showing that no group experienced a large decline
on the identification scores after two months.
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ABSTRACT

Previous studies on these so-called paragogic
vowels in Italian loanwords have focused on factors
determining intra-speaker variation, such as stress,
voicing of the word-final consonant, word length,
and intonation contour, which have all been found to
affect the likelihood of producing such a vowel [3,
8]. While variation between speakers has been
noticed, its conditions are mostly unexplored. The
present study focuses on this inter-speaker variation
in paragogic vowels, and tries to relate it to the
amount of English input the Italian native speakers
have received.
A substantial body of literature showed that when
a speaker acquires more than one language, the
phonological systems of the two (or more) languages
influence each other. With respect to an L1 influence
on L2, Flege, Schirru & MacKay [7] e.g. showed
that age of arrival (AoA) is a key factor to the
native-like production of English /e/ by Italian
immigrants to Canada. They found that the older the
immigrants, the more influence their L1 still had on
their L2, and only speakers with a very low AoA
were able to produce /e/ in a native-like way. The
reverse influence of L2 on L1, especially in the
adaptation of loanwords into the L1, was established
in multiple studies, e.g. on epenthetic vowels in the
adaptation of English non-words into Korean [12],
Korean-English phoneme mapping [11], and the
perception of epenthetic vowels by Japanese learners
of English [13]. These studies agree that knowledge
of L2 affects how speakers perceive and produce L2
loanwords in their L1, in that the perception and
production of the L1 moves towards that of the L2.
The above-mentioned studies vary widely in the
methodologies they use to measure L2 knowledge,
including AoA in the L2 country [7], degree of
bilingualism (early vs. late) [12], and L2 proficiency
[11, 13], where the latter has also been measured in
different ways. All these methods try to capture the
difference in L2 input that speakers receive, as it is
by now accepted, in accordance with stochastic
models of language acquisition, that languages are
learned through statistical inference from the input.
The primary aim of the present paper is to
establish whether inter-speaker variation in the
insertion of word-final paragogic vowels in English
loanwords is directly related to the amount of
English input that Italian speakers have received.

Italian native speakers often produce short, schwalike vowels at the end of consonant-final loanwords
from English. While past studies on these paragogic
vowels investigated intra-speaker variation and
looked at factors such as stress, voicing or intonation
contours, the present study focuses on variation
between speakers. We test the hypothesis that the
amount of received native English input predicts
how often Italians produce paragogic vowels in
English loanwords, with less input causing more
inserted vowels. L2 input was estimated on the basis
of a questionnaire on the active use and passive
exposure to English. Twenty-one Italian native
speakers with varying levels of English filled out
this questionnaire and took part in an irregular-plural
elicitation task containing consonant-final loanwords
from English. Our results show that Italian speakers
with a higher self-reported level of English exposure
produce fewer paragogic vowels, thereby confirming
our hypothesis.
Keywords: loanword adaptation, epenthetic vowels,
L2 proficiency, Italian, English.
1. INTRODUCTION
Italian is characterized by word-final vowels, as can
be observed for the vast majority of native words.
Only a very small set of function words have a final
sonorant, such as il ‘the’ or per ‘for’. Over the last
decades, however, more and more consonant-final
loanwords have been incorporated into Italian. These
words are often produced with a short, schwa-like
vocalic element word-finally. The English loanword
jet, for example, has been reported as being realized
as [dʒɛt], [dʒɛttə], [dʒɛttə], or [dʒɛtte] by Italian
speakers [15].
The status of this vowel insertion is disputed.
Some authors claim the process is phonological
because it repairs the ill-formed structure of a coda
consonant in word-final position by adding a vowel
and thus causing resyllabification [1, 3]. If one
applied Hall’s criteria [9, 10], on the other hand, the
optionality of the vowel and its reduced quality
could be seen as evidence that it is a phonetic
process (see also [15]).
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Information on the latter is obtained from a selfreported estimation of hours of received L2 input.
This methodology is especially suited to the
present study because of the linguistic environment
in Italy. Italian speakers do not generally come into
contact with native English speakers, as English in
school is usually taught by Italian native speakers,
and foreign television and cinema are always
dubbed. Therefore, native English has to be
purposely sought. Younger generations (the target
population of this study) do so by spending time
abroad, by taking university courses taught by native
English speakers, or by watching movies and TV
shows in English on streaming services. This makes
estimating their received input feasible, as speakers
are well aware of when they have been listening to
native English, since they purposefully looked for it.

(according to [6]), with some recent exceptions such
as computer and piercing, which were judged to be
extremely frequent. The aim of this selection was to
present the participants with words they were
familiar with and would not associate with the
source language.
In the second part of the experiment, participants
had to answer a sociolinguistic questionnaire with 18
questions. Five of these enquired about the speakers’
linguistic background, and eleven were directed
towards estimating as precisely as possible the
amount of native English input the participants had
received through various sources. These included
periods spent in English-speaking countries,
watching English-spoken movies or TV shows (with
or without English subtitles), and other regular
interactions with native English speakers. Crucially,
both active and passive interactions with native
English speakers were taken into account. The
participants reported weekly numbers of hours for
each question, which were later summed and
multiplied by 52 to obtain a yearly estimate. The
final two questions enquired about the speakers’
attitude towards English, though the answers to
these questions were too similar to allow the
inclusion of attitude in our analysis.
Additionally, we administered a self-assessment
test of English proficiency to the participants. The
test consisted of can-do statements based on the
indicators of the Common European Framework of
Reference (CEFR, [5]). This type of test was chosen
because such statements have been found
particularly reliable in L2 self-assessment [4].
For each of the five fields of reading, listening,
oral interaction, writing and speaking, the
participants had to choose one of six statements that
matched their performance best. These statements
correspond to the six levels of the CEFR. Each level
was then assigned a grade from 1 (for A1) to 6 (for
C2), and on the basis of this an average proficiency
score for each speaker was calculated. An example
of a can-do statement for writing (from [5]) is given
in (3), corresponding to level B1:

2. PRODUCTION EXPERIMENT
2.1. Participants

The experiment featured 21 native Italian speakers
(4 males, 17 females), between 19 and 39 years of
age (mean = 25;0), born and raised in Veneto, with
Northern Italian parents. All of them were university
students, with different levels of proficiency in
English (tested as described in §2.2).
2.2. Materials

The experiment consisted of two parts. The first was
an irregular-plural elicitation task, in which
participants where orthographically presented with a
countable noun on the screen and first had to
produce the singular, as displayed, preceded by the
numeral un/uno/una ‘one’, and then the plural,
preceded by the numeral due ‘two’. This context
ensured an Italian language mode even when an
English loanword was displayed. Examples of two
expected answers are given below, (1) for a control
and (2) for a target token.
(1) una casa
‘one house’

due case
‘two houses’

(2) un tunnel
‘one tunnel’

due tunnel
‘two tunnels’

(3) I can write simple connected text on topics
which are familiar or of personal interest. I
can write personal letters describing
experiences and impressions.

The task contained 75 English consonant-final
loanwords (25 ending in sonorants, 25 ending in
voiced stops, and 25 ending in voiceless stops) and
50 fillers. All words were one to three syllables long.
The loanwords were judged to be frequent in Italian
by two native speakers (one of them the first author).
The great majority of these words have been
incorporated into Italian more than 50 years ago

2.3. Procedure

The experiment was carried out at the phonetics
laboratory of the Istituto di Scienze e Tecnologie
della Cognizione in Padua, Italy. For the elicitation
task, speakers were seated in front of a computer
screen and a microphone in a soundproof booth.
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Table 1: Self-reported input (in hours per year) and proficiency of participants, ranked according to input.
Input
Prof.

1 2
3
4
5
6
7
8
9 10 11 12 13 14 15 16
17
18
19
20
21
0 0 104 128 156 208 246 262 364 450 618 726 776 862 988 1216 1274 1708 1776 2800 3674
1.9 2.7 3.2 3.3 3.4 5.3 3.8 4.4 4.3 3.2 4.8 3.8 4.2 5
3 5.2 3.2
5.4
5.5
5.4 4.7

The recording session usually lasted around five
minutes, which was followed by the questionnaire
and the self-assessment proficiency test, resulting in
a total testing time of about 30 minutes.

(4) vowel ~ input * type
+ (type | participant) + (input | word)
In a first model we also included proficiency of
participants as predictor. This, however, turned out
to correlate strongly with estimated input (for
individual values see Table 1) and was therefore
removed (see http://www.fon.hum.uva.nl/archive/
for details, data, and analysis scripts).

2.4. Analysis

In total, 3,150 experimental tokens were collected.
Data analysis was carried out with Praat [2], in
which the presence or absence of a word-final
paragogic vowel was indicated for each token. The
presence of such a vowel was determined on the
basis of the following criteria: the presence of a
periodic waveform of at least three glottal periods
(or minimally 10 ms), and the presence of a voice
bar and formants in the spectrogram. Figure 1 shows
a token of the word jet categorized as having a
paragogic vowel.

Input received (hours)

2.6. Results

0

4000
3500
3000
2500
2000
1500
1000
500
0
0

20

5000

40
60
80
% of inserted vowels

100

Figure 2: Percentage of inserted vowels according
to the amount of native English received in hours
per year.
0
vowel
0

Time (s)

0.44

Figure 1: Waveform and spectrogram of the word
jet with a paragogic vowel (as indicated by the
boundaries), uttered by one of the participants.

Figure 2 reports the number of word-final vowels
inserted by the speakers, according to the estimated
amount of native English input received. The
scatterplot shows a clear trend to produce fewer
word-final epenthetic vowels with an increase in
self-reported English input. This is borne out by the
results of the generalized linear mixed-effects
regression, shown in Table 2.

2.5. Statistical analysis
Table 2: Results of the model.

The data was statistically analysed with a
generalized linear mixed-effects model using glmer
in R [14]. The dependent variable is the presence of
a vowel (with 1 for present and 0 for absent), while
the predictors are amount of English input (a
continuous numeric variable, which was centred)
and type of consonant (with the three levels
sonorant, voiced obstruent and voiceless obstruent,
contrast-coded as respectively –2/3, +1/3, +1/3 for
obstruency, and as 0, +1/2, –1/2 for voicing). The
statistical design also features random intercepts for
participants and words, and as random slopes for
type by participant and for input by word, see (4).

Intercept
Input
Type obstruency
Type voicing
Input × Type obstr.
Input × Type voicing

Estimate
0.262
–0.048
1.208
1.801
–0.021
0.013

z-value
0.909
–1.678
3.595
4.362
–0.839
0.392

Pr (>|z|)
0.3631
0.0934
0.0032
1.3·10-5
0.4013
0.6951

Table 2 suggests that the dependent variable
(presence of the epenthetic vowel) may fall with
increasing input: the odds of vocalic elements being
produced decreases by e0.048 = 1.049 times for every
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100 hours of English native input received (95% CI
0.991 .. 1.110 times, p = 0.093). A one-sided test
could be feasible because an increase is not
expected, and would give a p-value of 0.047 (this
reasoning is admittedly dubious not just because
one-sided tests are dubious after looking at the result
of a two-sided test, but also because proficiency
could have been an alternative predictor instead of
input). This means that with increasing input of
English, Italian speakers insert less vocalic elements
in consonant-final loanwords.
Furthermore, our model shows that obstruents
trigger significantly more paragogic vowels than
sonorants (p = 0.0032), and within the group of
obstruents it is the voiced ones that cause more
paragogic vowels than the voiceless ones (p =
1.3·10-5), as found in previous experiments [3].

Another drawback is the fact that the estimation
of input relies completely on the awareness of the
speakers. They can easily over- or underestimate the
number of hours they interact with native speakers,
especially if they spent a considerable amount of
time abroad.
Finally, as mentioned in the introduction, the
interpretation of the results depends on the
phonological status of the vowel insertion process
under study. If it is a phonological process, as some
authors suggest, the motivation for insertion is of a
phonological nature, namely to repair a consonantfinal syllable in word-final position. This is
supported by instances of word-final consonant
gemination, implying that the second part of the long
consonant resyllabifies as part of the onset of the
newly-built syllable, with the paragogic vowel as
nucleus. Under this view, our results indicate that
exposure to English modifies Italian phonotactic
restrictions in such a way that consonant-final
syllables in word-final position become more
acceptable. Thus, under this view, exposure to native
English changes Italian phonology.
If, on the other hand, the inserted vocalic
elements are phonetic, their insertion has the purely
phonetic function of strengthening the consonant
release. This is supported by the optionality and
schwa-like quality of the vocalic elements and the
fact that they cannot be perceived by native
speakers. Under this view, Italian phonology already
tolerates consonant-final words (probably due to the
introduction of consonant final loanwords) and just
happens to be a language that requires its consonants
to be strongly released. Sometimes this happens with
the help of word-final vocalic elements, as opposed
to English or Korean, which require their consonants
to have weaker releases or no release at all.
Following this line of thought, our results imply that
exposure to English reduces the strength required for
the release of Italian consonants. Therefore, what
exposure to English shapes is not phonology, but
phonetics. This latter explanation seems a more
likely interpretation of our results because of the
variability in paragogic vowel insertion. However,
we leave further evidence regarding the status of
paragogic vowel insertion in Italian for future
research.

3. DISCUSSION
The present study showed a correlation between the
received amount of native English input and the
number of vocalic elements produced by Italian
speakers in the adaptation of loanwords from
English into Italian. We could therefore add to the
existing literature that the variation in the insertion
of paragogic vowels is not only of intra-speaker,
linguistic nature but depends also on the exposure to
English, which differs from speaker to speaker.
The method of self-reported L2 input that we
employed here proved useful and has several
advantages compared to other methods. The first
advantage is that it measures more directly the
exposure of a speaker to the L2. It therefore does not
rely on a measure such as L2 proficiency, which, by
its holistic nature, includes several skills (such as
writing and vocabulary) that are not directly relevant
to the acquisition of sound structure. Moreover, our
self-report measure takes into account both active
and passive input. This was crucial in the present
study, as over half of the participants did not have
other regular exposure to English aside from TV
shows and media content. Their gradiency in vocalic
insertion could not have been accounted for if we
had not included passive input in our measure.
A drawback of this methodology is its limited
applicability. Just as AoA is a type of measure
applicable only to immigrants, input estimation is
only applicable to certain populations and certain
linguistic contexts. University students (speakers
that are relatively young), who grew up in an
environment in which exposure to the L2 is very
limited (such as Italy) are perfect for this
methodology; older speakers and more diverse
environments make its application difficult.

4. ACKNOWLEDGMENTS
We would like to thank Cinzia Avesani and the
Istituto di Scienze e Tecnologie della Cognizione in
Padua, Italy, for allowing us to use their phonetic
laboratory. We furthermore thank all our speakers
for participating in the experiment.

952

5. REFERENCES
[1] Bafile, L. 2005. Struttura sillabica e consonanti finali
in varietà italiana. Quaderni del Dipartimento di
Linguistica - Università di Firenze 15, 1–25.
[2] Boersma, P., Weenink, D. 2018. Praat: Doing
phonetics by computer (Version 6.0.37) [Computer
program]. http://www.fon.hum.uva.nl/praat/
[3] Broniś, O. 2016. Italian vowel paragoge in loanword
adaptation: Phonological analysis of the Roman
variety of Standard Italian. Italian Journal of
Linguistics 28, 25–68.
[4] Brown, N.A., Dewey, D.P., & Cox, T.L. 2014.
Assessing the Validity of can‐do statements in
retrospective (then-now) self‐assessment. Foreign
Language Annals 47, 261–285.
[5] Council of Europe. 2001. Common European
framework of reference for languages: learning,
teaching, assessment. Cambridge: Cambridge University Press.
[6] De Mauro, T. 2018. Il Nuovo De Mauro. Available
online at: https://dizionario.internazionale.it/
[7] Flege, J. E., Schirru, C., MacKay, I. R. A. 2003.
Interaction between the native and second language
phonetic subsystems. Speech Communication 40,
467–491.
[8] Grice, M., Savino, M., Caffò, A., Roettger, T. B.
2015. The tune drives the text - Schwa in consonantfinal loan words in Italian. Proc. 18th ICPhS
Glasgow, 1–5.

[9] Hall, N. 2006. Cross-linguistic patterns of vowel
intrusion. Phonology 23, 387–429.
[10] Hall, N. 2011. Vowel epenthesis. In: van Oostendorp,
M., Ewen C. J., Hume, E., Rice, K. (eds), The
Blackwell Companion to Phonology. Oxford:
Blackwell, 1576–1596.
[11] Kang, Y., Schertz, J. 2017. The influence of
perceived L2 sound categories in on-line adaptation
and implications for loanword phonology
(unpublished
manuscript).
Retrieved
from
https://www.yoonjung kang.com/
[12] Kwon, H. 2017. Language experience, speech
perception and loanword adaptation: Variable
adaptation of English word-final plosives into
Korean. Journal of Phonetics 60, 1–19.
[13] Nomura, J., Ishikawa, K. 2018. Effects of first
language processes and representations on second
language perception: The case of vowel epenthesis
by Japanese speakers. International Journal of
Bilingualism 22, 69–87.
[14] R Core Team. 2016. R: A language and environment
for statistical computing. R Foundation for Statistical
Computing, Vienna. https://www.R-project.org/
[15] Repetti, L. 2012. Consonant-final loanwords and
epenthetic vowels in Italian. Catalan Journal of
Linguistics 11, 167–188.

953

ACQUISITION OF RHOTICS BY MULTILUNGUAL CHILDREN
Magdalena Wrembel1, Ulrike Gut2, Iga Krzysik1, Halina Lewandowska1 & Anna Balas1
1

Adam Mickiewicz University, Poznan, Poland, 2University of Muenster, Germany
magdala@wa.amu.edu.pl

points (e.g. [8], [14]). Previous studies suggest that
the source and direction of CLI can change
depending on the speaker‟s proficiency in their
languages ([9]). Thus, a longitudinal study that
encompasses the language learning process of an L3
from its beginning constitutes an excellent test case
for the influence of language proficiency on
phonological CLI.
The current investigation focuses on the
production of rhotics in L1 Polish, L2 English and
L3 German. Rhotics are known to involve complex
articulations and tend to be late developing sounds
in a typical developmental trajectory. Although they
are considered to belong to a natural phonological
class, phonetically they demonstrate a wide range of
variation both within and across languages ([16]).
Rhotics span dental, alveolar, and uvular places of
articulation, whereas the manner of articulation
features trills, taps, fricatives, approximants and
retroflex [sic!] articulation ([15]).
We chose rhotics as they have different
renditions in the three languages of our multilingual
learners. In Polish, the alveolar trill /r/ is used
prevailingly, although it may be produced as a tap in
fast speech ([11]). In General British, a non-rhotic
variety to which the participants were mostly
exposed at school, a post-alveolar approximant /ɹ/ is
used pre-vocalically (e.g. [3]). In Standard German,
the uvular fricative /ʁ/ is the most frequent
realization of the rhotic sound, although
conservative varieties use the uvular trill /ʀ/,
especially in the word initial position ([12]).

ABSTRACT
Longitudinal investigations into L3 phonological
acquisition are still scarce. This study examines the
acquisition of the rhotic sounds in L2 English and
L3 German by 16 native L1 Polish young
adolescents over three testing points. It also
investigates the sources of cross-linguistic influence
(CLI) and the factor of proficiency. The results show
a significant influence of proficiency both in terms
of target rhotic productions and source of CLI in L2
English than L3 German. However, a lot of variation
was found in the realisation of specific rhotics in
both foreign languages as well as in individual
performance, thus evidencing rather complex crosslinguistic acquisition patterns of rhotics over time.
Keywords: L2/L3 acquisition, rhotics, phonological
cross-linguistic influence, multilingualism
1. INTRODUCTION
Various models have been proposed for the
description and explanation of the acquisition of
non-native speech sounds. They focus on different
factors that influence the production of second
language (L2) speech sounds such as the transfer of
articulatory settings from the L1 to L2 ([10]), the
perceived phonetic difference between an L1 and an
L2 sound (e.g. [5], [1]) or universal and natural
phonological processes (e.g. [4]). To date, no models
have been proposed that explain the acquisition of
speech sounds by multilingual learners. For these
speakers, more than one phonemic inventory is
available that can act as a source of cross-linguistic
influence (CLI) in the acquisition of a third or
further (L3) sound inventory.
Previous studies on phonological L3 acquisition
have shown that learners can transfer some
phonological structures from their L1 onto both their
L2 and L3 (e.g. [18], [6], [20], [13]) as well as from
their L2 onto their L3 (e.g. [7], [8], [9] [17, [22]).
Moreover, cross-linguistic influence from the L3 and
L2 onto a learner‟s L1 has been observed (e.g.[19],
[21]).
Very little, however, is still known about the
process of phonological acquisition by multilingual
speakers over time, with only a few studies
examining multilingual learners at multiple time

2. METHOD
2.1. Aims and research questions

The aim of the current study is to investigate the
development of cross-linguistic acquisition patterns
of rhotics from the perspective of multiple foreign
language acquisition. We want to examine the
relationship between the multilingualsʼ ability to
produce the L3 and L2 rhotic sounds and its
trajectory over time. In addition, we investigate how
prior linguistic knowledge influences the course of
additional phonological acquisition by young
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learners. For this purpose, we posed the following
research questions:
 How does the production of rhotics in
English and German by L1 Polish speakers
change over time?
 Are there differences in the L2 and L3
acquisition process in terms of the sources
of phonological CLI and proficiency?

German) were analysed auditorily and their
realisation was transcribed (using the full set of IPA
symbols) by two separate phonetically-trained raters
who were either native or near-native speakers of the
respective languages. In case of disagreement a third
rater was employed for a cross-check.
The rate of the target and other (L1- or L2-like)
productions of rhotics in L2 English and L3 German
was calculated in raw numbers, means and
percentages for each participant and at each testing
time. The occurrence of rhotics productions was
subsequently submitted to statistical analyses, which
were performed using STATISTICA. Since the
condition of normal distribution was not met in our
data, non-parametric tests were applied. The data
were analysed in 3 conditions: as a sum of all target
words (Target Total), rhotics in initial word
positions and rhotics in medial positions.

2.2. Participants

A total of 16 L1 speakers of Polish participated in
the study (9 female, 7 male; mean age M=12.25,
SD=0.41). They had been learning L2 English in
school for about 6 years (pre-intermediate level, 3
hrs of formal instruction per week) and had just
started learning German as their L3 (beginner level,
4 hrs per week). L2/L3 pronunciation was not taught
explicitly.
In accordance with the tenets of multilingual
research methodology, we tested all three of the
learners‟ languages in order to use the learners as
their own controls, rather than relying on
monolingual norms as controls (see [2]).

3. RESULTS
3.1. Overall accuracy scores

The results show that the participants produce the
rhotics in their L1 Polish as a trill in 94% and as a
tap in 6% of all cases. Target production of the
rhotics in their L2 English and L3 German differs
considerably both across languages and over time.
As Figure 1 shows, the target production of German
/ʁ/ after five weeks of learning lies at 34.8%, while
English /ɹ/ is produced accurately in 81.2% of all
cases after six years of learning. The participants‟
correct production of the rhotics decreased at T2, i.e.
five months later, in both their L2 and L3. After ten
months of learning their L3 German, the production
of the German rhotics lies at 21.9%, whereas the
English rhotics are produced with a higher accuracy
rate at T3 than at T1.

2.3. Materials and procedure

All participants were recorded three times, after five
weeks into learning their L3 German (T1), after five
months of learning German (T2) and after ten
months of learning German (T3). The participants
were recorded in all of their languages doing a
delayed repetition task. In the task they heard a
target word in a carrier phrase (e.g. „I say X again‟
in English) and were asked to repeat the entire
phrase after hearing a prompt („And what do you
say‟ in English). The stimuli contained standard
native rhotics exclusively.
To create appropriate language modes, the data
collection for each of the languages was carried out
on three separate days by L1 speakers of the
respective languages.
The rhotics were elicited in initial and medial
positions in the following target words:
 L1 Polish /r/: ryba, raz, rana, rok, teraz,
chora, stara, kara (n=8) at T1 only
 L2 English /ɹ/: ring, rabbit, red, rewind,
around, orange, merry (n=7)
 L3 German /ʁ/: Ratte, Riese, Rotwein, rot,
Rückweg, Fahrrad, kehren (n=8)

100
80
60
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40

German

20
0
T1

T2

T3

Figure 1: Accuracy scores in rhotics production.

2.3. Analyses

3.2. Developmental patterns over time

All rhotics produced by the participants (n=128 in
L1 Polish; n=320 in L2 English; n=368 in L3

To trace the development of production patterns
over time, the Friedman repeated measures analysis
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of variance by ranks was conducted on the mean
target and non-target rhotic articulations at all testing
times (T1, T2, T3). For L2 English the results of the
test showed statistically significant differences
between the means of target renditions of L2 English
rhotics for the total sum of token words ( 2 =10,
p=0.006) as well as the words with rhotics in initial
position (2=7, p=0.027) and medial position treated
separately (2=18.7, p=0.0001). However, the posthoc Dunn‟s Test of multiple comparisons pointed to
statistically significant differences only for the
medial rhotics at T1 vs. T2 and T1 vs. T3 (p<0.05),
with the remaining comparisons failing to show any
statistical difference.
For L3 German, the Friedman repeated measures
analysis of variance showed statistically significant
differences between the means of target renditions of
L3 German rhotics only for the words with rhotics in
initial position (2=9.5, p=0.009) at all the testing
times. However, the post-hoc Dunn‟s test did not
point to any statistically significant differences
between the testing times.
The Wilcoxon matched-pairs test was performed
to compare the performance of target rhotics
production of L2 English vs. L3 German at
particular testing times. It showed that the mean
ranks differed significantly (p<0.05) between these
languages at all the testing times in all the three
conditions, i.e. total token words, words with rhotics
in initial position, and words with rhotics in medial
positions. A multivariate analysis of variance
MANOVA was conducted to compare mean target
productions of rhotics at three testing times for both
languages (L2 and L3). All the main effects of the
variables were found to be significant, including
Language (F=52, p<0.0001), Time (F=7.4,
p=0.0026) as well as the Time*Language interaction
(F=4, p=0.0302). The least square means for the
Time*Language interaction demonstrate that for L3
German there are lower Target Total values than for
L2 English. Target Total reaches the highest values
for L2 English at T3, and for L3 German at T1,
whereas the lowest values are reached for both
languages at T2.
In the subsequent analysis, the frequency of
occurrence of specific rhotics articulations was
calculated for L2 English and L3 German at three
testing times (T1, T2, T3). The production
categories included: L1 (Polish-based), L2 (English
influence), T (target), O (other), M (mispronounced
or deleted). See Figures 2 and 3 for the distribution
of specific categories over time.
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Figure 2: Categories of rhotics in L2 English.
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Figure 3: Categories of rhotics in L3 German. L1

(Polish-based), L2 (English influence), T (target), O
(other), M (mispronounced or deleted)
The range of replacements by other sounds was
comparable across languages, with L3 German
exhibiting more instances (19.6% at T1, 12.5% at
T2, 9.4% at T3) than L2 English (17% at T2 and ca.
4% at both T1 and T3). Mispronunciations or
deletions were most common in L2 English at T1
(13.5%) and less so in L3 German T2 (7%), while
quite negligible at other testing times (4.5-0.9%).
As far as CLI is concerned, in L3 German the
occurrence of L1-based rhotic production was at
32% (T1) and then increased to 60-61% (T2 and
T3), while L2-based English renditions accounted
for 9% (T1) to ca. 5% of rhotic productions (T2 and
T3). In L2 English the L1-like rhotic productions
ranged between 3–7% over three testing times.
3.3 Variability and individual variation

One major difference between the production of
the rhotics in the participants‟ L2 and L3 lies in the
occurrence of mixed forms, i.e. sounds that combine
articulatory elements of two of the participants‟
languages. These productions occur exclusively in
their L3 German at T1 and T2 and can take on
various forms: simultaneous realisations of two L3
sounds (/x/ + /ʁ/; n=4 at T1), of an L1 and an L3
sound (/r/ + /ʁ/; n=2 at T1 and n=3 at T2), of an L1
and an L2 sound (/r/ + /ɹ/, which occurred once at
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T2) or of an L2 and an L3 sound (/ɹ/ + /ʁ/, which
occurred once at T1).
Substitutions of the rhotic by another speech
sound occur in both the L2 and L3, but are overall
more frequent in the latter. For both languages,
frequency and substitution patterns differ across the
three testing times: while at T1, substitutions are
only produced in their L3 German by the children
(11 times produced as [v] and 4 times as [w]), at T2
the rhotic is substituted in both German (10 [l] and 1
[v]) and English (5 [v], 3 [w] and 2 [l]). At T3, the
rhotic is produced as a [l] 12 times in German and
twice each as a [v] and [w] in English.
As in all learner groups, inter-individual variation
is high: while 3 out of the 16 learners never produce
a single rhotic in their L3 German in a target manner
at any of the testing points, two produce them
faithfully in 80% of all cases across all testing times.
Moreover, of the four children who produced the
German rhotic with high accuracy at T1, two do not
produce it anymore at all at T2 and T3.

highest scores at T3, while T2 marked a drop in
performance in both the L2 and L3. Our findings
thus do not quite follow the evident accuracy growth
patterns as reported in the only related previous
study ([14]). A possible explanation could be that
the participants relied more on imitative skills at T1
with their L3 rather than linguistic knowledge.
Some of the learners‟ acquisition of their L3
German seems to be influenced by their L2
acquisition of English. Although after six years of
learning the learners‟ overall accuracy in producing
the English rhotic /ɹ/ is high, at T2 this rate drops
and nine out of the 19 children substitute the rhotic
by other sounds such as [v], [w] and [l]. At T3, these
substitutions are produced by 4 participants at least
once. It thus appears that the phonological system of
the L2 English of some participants is affected by
the learning of a new language in such a way that it
becomes more variable. All in all, rhotic sounds
which were selected as a focal feature due to their
different rendition in the three languages of the
multilingual learners, proved particularly interesting
in the occurrence of mixed forms and distribution
patterns of articulation categories.
In RQ2 we aimed to investigate any differences
in the L2 and L3 acquisition process in terms of the
sources of phonological CLI. In L3 German the
occurrence of L1-like rhotic production was high,
thus evidencing considerable influence from the
native language. Another, yet less pronounced
source of CLI was L2 English. The CLI in L2
English rhotic productions was much less evident:
the L1 influence fluctuated between 3–7% and there
was no evidence of a reverse transfer in terms of
rhotic production, neither from the L3 to L2 (as in
[7]), nor from the L3/L2 to L1 (as in [17]).
Our results thus show that at a higher proficiency
level (L2 English) the CLI from the L1 was minimal
and remained stable across testing times. In turn, at a
lower proficiency level, in case of L3 German, the
L1 influence was considerable and even increased at
later stages, while at the early stages the L2
influence was somewhat more visible than later.
These findings partially support some previous
research in which L2-accented production in L3
prevails initially, while CLI reverts to the L1 at later
stages of L3 acquisition ([7], [17]).
In conclusion, our results demonstrate that an
explanatory model of multilingual phonological
acquisition needs to include the source of CLI and
proficiency as factors influencing the developmental
process.

4. DISCUSSION
In RQ1 we asked how the production of the rhotics
in English and German by Polish L1 speakers
changes over time and with increasing proficiency.
The group results indicate a U-shaped acquisition of
the rhotic in L3 German with an across-group initial
accuracy of about 35% that drops to 18% after five
months of learning and rises again to 22% after ten
months of learning. However, a look at individual
learners shows that this U-shape is found for only
one learner, while others have different learning
curves or show no changes in their accuracy of the
production of the German /ʁ/.
The performed statistical tests do not point to any
straightforward developmental patterns for the
acquisition of L2/L3 rhotics. What seems evident is
the difference in target renditions between more
proficient L2 English and less advanced L3 German,
with the former achieving much higher rhotics
accuracy scores across the board. Better target
performance in L2 English could be explained in
two manners; firstly, as a function of increased
language proficiency, and possibly, as a result of the
less marked articulation of rhotics in English
(alveolar approximant) in comparison with a more
articulatory challenging German rhotic sound
(uvular fricative). Moreover, the teacher of German
used an alveolar trill in class.
In addition, proficiency seems to influence the
trajectories of development in the L2 and L3, which
followed mirror-like, i.e. reverse patterns with L3
German starting off with relatively the best scores at
T1 and more proficient L2 English reaching the
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previous research it should be maintained across
languages and within language in L2 learners [5].
The present study tests this hypothesis by
examining the use of two correlates of voicing, Voice
Onset Time (VOT) and onset f0 (fundamental
frequency at the onset of voicing), in realization of
voicing categories across English and French by
intermediate level American learners of French. In
particular, it is asked whether covariation between
realizations of /b/ and /p/ exists on an individual level
and whether it is maintained in both the first and
second language. Evidence of such a relationship in
the L2 would suggest that L2 speech categories are
not acquired separately, but as a contrastive set.
In addition, it is asked whether members of
phonological categories across languages are
produced by each talker with similar phonetic
settings. Evidence of such acoustic stability would
suggest that L2 learners do consider, e.g., French /b/
and English /b/ to be phonologically equivalent and
phonetically similar (for other work considering
acquisition of L2 sounds as sets see [8]).
Finally, this study asks whether the individual
pattern of relative reliance on multiple correlates of
voicing is maintained across languages. In particular,
this study explores the extent to which individual
talkers employ VOT vs. onset f0 to construct voicing
contrasts in each language and across languages.

ABSTRACT
This study examines individual patterns in the
production of French voicing categories by learners
whose first language (L1) is American English. The
focus of the study is on stability of individual
production patterns across the first and second
language (L2). Twenty-three intermediate-level
learners of French were recorded reading an English
and a French word list, each with eight minimal pairs
contrasting in initial bilabial stop voicing.
Participants’ accuracy of French production differed
greatly, and a relatively successful realization of one
member of the contrast (e.g. /b/) did not predict
greater success with another (/p/). However,
participants who were more likely to prevoice their
English /b/s were also more successful at producing
prevoicing in French. In English, participants
consistently relied on VOT to signal voicing
distinctions, whereas in French they varied more in
their reliance of VOT vs. onset f0, demonstrating the
flexibility in the use of these correlates in the L2.
Keywords: individual production patterns, second
language acquisition, French, English, voicing
1. INTRODUCTION
Recent studies indicate that variability in the acoustic
realization of speech sounds is systematically
constrained at the level of the individual speaker [5],
[6], [17]. For example, previous research [5] has
shown that within the same talker positive VOT of
/ph/ was highly correlated with that of /kh/ (betweencategory covariation) in American English (AE). [6]
also reports talker-based patterns of covariation in
correlates of voicing (VOT, onset f0, vowel duration)
across different realizations of /b/ and /p/. AE
speakers have also been shown to maintain an inverse
relationship between the amount of reliance on VOT
vs. onset f0 in the individual realization of a voicing
contrast [18]. Finally, [17] found a speaker-based
negative correlation between the duration of
prevoicing for /b/ and the duration of aspiration for
/ph/. Importantly, these studies investigated talkerbased stability of phonetic realizations within a single
language. If this stability is governed by an individual
speaking style, or speech 'habit', as suggested by

Table 1: Voicing in French and English.
French
English

[+voice]
Prevoiced (<0 ms)
Short lag (<30 ms)
(some prevoiced)

[-voice]
Short lag (<30 ms)
Long lag (>30 ms)

The research questions above are based on the
assumption that both VOT and onset f0 are important
correlates of voicing in English and French [1], [10],
[13]. The use of VOT to signal voicing in English and
French is summarized in Table 1 [4], [12].
2. METHODS
2.1. Participants

Twenty-three native speakers of Midwestern
American English (16 female and 7 male, mean age
19.96) participated in the study. At the time of the
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experiment, all participants were enrolled in at least
one French course at the third semester level or
above. The average length of French study across all
participants was 7.11 years (ranging from 2-11 years)
and average self-rated French proficiency was 4.85/7.

2.5. Analysis

The data was analysed primarily using a correlation.
Discriminate analysis was used to estimate individual
reliance on acoustic correlates of voicing in
production. Results of the discriminant analysis were
further examined with an ANOVA and correlation
analyses.

2.2. Stimuli

Stimuli consisted of four monomorphemic minimal
pairs in each language, contrasting the voicing of the
word-initial bilabial stop (e.g. bet/pet, bêche/pêche).
Eight distractor pairs per language were also included
(e.g. feed/deed, chaud/faux).
Vowels in both sets of stimuli were limited to front
unrounded: /æ/, /ɛ/, /i/, and /ɪ/ in English and /i/, /ɛ/
and /a/ in French. Experimental items on both lists
were frequent and familiar to both native and nonnative speakers, as determined by [19], [15], and
informal ratings by a native and a non-native speaker
of French.

3. RESULTS
3.1. Individual VOT of /b/ vs. /p/

Table 2 reports the number (T#) and percentage (%)
of tokens in each VOT category (30 ms was
considered the boundary between short lag and long
lag VOT). Fig. 1 plots individual mean VOT values
for voicing categories in French and English (to avoid
averaging across positive and negative values, short
lag and prevoiced /b/ is shown separately) and
demonstrates individual variability in these values.

2.3. Procedure

Table 2: Number and percentage of VOT tokens.

Prior to recording, participants read a priming text in
the language of the upcoming recording session. In
order to control for speech rate, stimuli were
presented one by one in randomized order on a screen
using ePrime [16]. Participants were instructed to
pronounce each word in their normal speaking voice.
After completing three repetitions of the word list in
each language, participants repeated the task in the
other language starting with the priming text (the
order of languages was counterbalanced). All
recordings were conducted in a sound-attenuated
booth using an ART Tube MP Project Series
preamplifier and an Audio-Technica (AE4100)
unidirectional cardioid dynamic microphone.
Following the reading task, participants completed a
language background questionnaire.

ENG
FRE

Prevoiced
%
T#
14.9% 82
25.7% 142

Short lag
%
T#
36.1% 199
31.2% 172

Long lag
%
T#
49.1
271
43.1% 238

Mean VOT values for both voicing categories in
each individual speaker were tested for correlations
across voicing categories. The results showed that the
VOTs of /b/ and /p/ were not correlated on an
individual level in English, whether the correlation
was conducted between all voiced and all voiceless
stops (r[23] = -.182, p=.407), between prevoiced /b/
and voiceless /p/ (r[23]= -.329, p = .197), or between
short lag /b/ and voiceless /p/ (r[23] = .015, p = .945).
Figure 1: Individual mean VOT values for voicing
in French and English.

2.4. Measurements

Annotation and measurements were performed in
Praat version 6.0.36 [3]. VOT was measured from the
release of the stop to the onset of voicing. Onset f0
was measured at the first location following the stop
release where the Praat autocorrelation algorithm
could detect periodicity. To allow for cross-gender
comparisons, onset f0 was semitone-normalized and
values were examined for algorithm errors and
manually corrected if necessary [9], [18]. VOT
duration was not normalized since rate of speech was
relatively consistent across and within participants.
Burst duration of prevoiced stops was not measured
given the relative scarcity of such realizations.

Similarly, no significant correlations between
VOTs of /p/ vs. /b/ were obtained in French: r[23] =
.138, p = .55 (prevoiced /b/ vs. /p/).

960

deviations away from the mean was removed for this
analysis). This result suggest that participants were
more successful at producing longer prevoicing in
French if their English prevoicing values were
relatively long (Fig. 2).
Learning to produce French /b/ does not involve
shortening or lengthening the VOT of English /b/
(predominantly, produced with positive short lag
VOT) but rather switching one’s production to
another VOT type – negative VOT. Therefore, the
incidence of correct VOT type production in French
is as important as VOT duration. To investigate the
possible link between French and English incidences
of prevoicing, the number of prevoiced tokens
produced by each participant in each language was
calculated. The analysis showed that there was a
significant positive correlation between number of
prevoiced /b/s in English and number of prevoiced
/b/s in French (r[23] = .588, p = .003, Fig. 3).
Participants who were prevoicing more frequently in
English were more likely to prevoice in French.

Overall, the results indicate that acoustic
realization of one member of the contrast (e.g. /b/)
was not related to the acoustic realization of another
member (/p/), in either English or French.
3.2. Correlations between individual production in
English and French

Mean individual VOT values for each voicing
category in English were correlated with mean values
in French. Since voiced stops could be realized as two
distinct VOT types in both English and French –
prevoiced or short lag – they were considered
separately. The results showed that VOTs of French
and English /p/ were not correlated (r[23] = .137, p =
.533). Voiced stops produced with positive VOT were
also not correlated across languages (r[18] = .08, p =
.753)
Figure 2: Correlation between French and English
prevoicing duration.

3.3. Using VOT and onset f0 in realizations of voicing
contrast across English and French

To establish the relative weighting of VOT and onset
f0 in the individual production of voicing contrast in
both languages, a discriminant analysis was deployed
[7]. It generated a set of individual standardized
canonical coefficients for each correlate of voicing.
These coefficients are indicative of how much each
speaker relied on each of the correlates in realizing
the distinction between voiced and voiceless
consonants. Individual coefficients were tested for the
effects of Language (English vs. French) and
Correlate (VOT vs. onset f0). Results showed that
across languages VOT was assigned a significantly
greater weight than onset f0 in differentiating voicing
categories (effect of Correlate in a repeated measures
ANOVA: F(1, 22) = 78.596, p < .001). There was no
significant effect of Language or Language by
Correlate interaction. Thus, in both languages,
participants as a group relied more on VOT than onset
f0 in realizing the voicing contrast.
The coefficients were then checked for within and
across-language correlations. There was no
correlation between VOT weights and onset f0
weights in English (r[23] = -.251, p = .248). Overall,
in English a relatively wide range of onset f0 weights
was associated with a considerably more restricted
distribution of VOT weights.
In French, a significant negative correlation was
present between VOT and onset f0 weights: r[23] = .635, p = .001. Participants who relied on VOT less
assigned a greater weight to onset f0 in realizing the
contrast between voiced and voiceless stops (Fig. 4).

Figure 3: Correlation between number of instances
of prevoicing in English and French.

However, duration of prevoicing in English /b/
(for those English participants who prevoiced) was
significantly positively correlated with duration of
prevoicing for French /b/: r[15] = .586, p = .022 (one
outlier with the VOT value more than 1.5 standard
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languages. This suggests that among voicing
categories participants perceived the greatest affinity
between English and French prevoiced /b/. This is
perhaps not surprising given that it is the only
category with the same phonological status and the
possibility of identical phonetic realization across the
two languages. Interestingly, although voiceless stops
were also (erroneously) realized in a largely identical
manner across languages, their VOTs were not
correlated. This could be interpreted as an indication
that their cognitive representations were distinct,
although their acoustic realizations converged.
Ultimately, evidence for the crosslinguistic link in
realization of voicing categories is fairly tentative.
The results suggest that the ‘habit’ of producing
English /b/ with prevoicing helps L2 learners to target
French prevoiced /b/ with a greater success.
Alternatively, those participants who were successful
at learning French prevoicing may have transferred
this ‘habit’ to English.
With respect to the relative reliance on VOT vs.
onset f0 in signalling voicing distinctions,
participants uniformly relied on VOT to a greater
extent. This was particularly apparent in their English
productions, where VOT was consistently assigned a
great discriminant weight with little variability across
individuals. There was also no connection between
VOT and onset f0 reliance in English. In French, the
picture was considerably different. Participants
varied to a greater extent in their reliance on VOT
when constructing an acoustic distinction between /b/
and /p/ in French. This could result from learners’
shortening of voiceless VOT (aiming for French short
lag targets) which was not sufficiently compensated
by shifting voiced productions into the negative VOT
region (see Fig. 1). As a result, VOT becomes less
distinctive as a correlate of voicing. Interestingly,
there was a negative correlation between reliance on
VOT and onset f0 in French, suggesting that a
decreased distinctiveness of VOT was compensated
by a relatively exaggerated reliance on onset f0, on an
individual basis. The fact the participants maintained
this compensatory relationship in their L2 but not L1
suggests flexibility in deployment of multiple
acoustic cues signalling the distinction. Given this
finding, it is plausible that speakers apply similar
strategies when distinctiveness of the primary
correlate is reduced due to other reasons, such as
noisy environment, reduction in rapid speech or in
highly frequent words [2], [11], [12]. Such an ability
to compensate with secondary correlates in
compromised settings would mirror an equivalent
behaviour established in speech perception:
secondary cues to the contrast exert a greater
influence on speech categorization when primary
cues are obscured or unavailable [20].

In contrast to English, a comparable amount of
variability was observed for individual VOT and
onset f0 weights in French.
Participants weighting of VOT in English was
uncorrelated with their weighting of VOT in French
(r[23] = -.030, p = .893. The same lack of
crosslinguistic correlation was observed for onset f0
weight (r[23] = 0.0003, p = .999). Thus, participants
who tended to rely strongly on a given correlate in
English did not necessarily demonstrate a comparable
degree of reliance in French.
Figure 4: Correlation between VOT and onset f0
weights in realization of French voicing contrast.

4. DISCUSSION
The results of this study did not show a correlation
between phonetic realizations of /b/ and /p/ in either
French or English speech. In a higher-powered study,
[5] also report a considerably weaker relationship
within homorganic pairs (/b/ and /p/) than across
heterorganic stops (/p/, /t/, /k/). The lack of
covariation in French may suggest that members of
the voicing opposition are acquired separately in the
L2, thus not exhibiting mutual effects on each other’s
realization. In other words, learning to realize one
member of the contrast in L2 in a more native-like
fashion does not presuppose that another member will
be proportionately successful. However, this
relationship was also absent in the L1, which may
indicate that considerations of contrast maintenance
are not of great importance in guiding phonetic
realization. Finally, it is also possible that this
relationship did not reach significance in the current
study due to insufficient statistical power (cf. [5]).
Across languages, only duration of prevoicing
showed a moderate correlation. Realization of
voiceless stops (largely produced as aspirated in both
English and French) and of non-prevoiced voiced
stops were not correlated across languages. The
strongest correlation was obtained between the
instances of prevoicing for /b/ across the two
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ABSTRACT

acquisition of phonological categories in a language
varies as a function of being a bilingual or trilingual
speaker. In addition, the effects of the language
processing mechanisms at a given point in time
during speech production (i.e., state of activation of
each of a bilingual/trilingual’s languages) also
remains a largely underexplored area in multilingual
individuals. This study bridges the divide between the
L2 and L3 acquisition literatures with regard to the
investigation of the acoustic realization of wordinitial /k/ in the speech of L1 English-L2 Japanese
bilinguals, and early Spanish-English simultaneous
bilinguals learning Japanese as a L3.

This production experiment investigates how L1
English-L2 Japanese bilinguals and L1 Spanish-L2
English-L3 Japanese trilinguals produce voiceless
velar stops /k/ in each of their languages in order to
ascertain if these speakers create separate
phonological categories in Spanish, English, and
Japanese. The results show that even though the
bilingual and multilingual individuals maintain
language-specific VOT patterns for each language,
they produce /k/ in bilingual and trilingual sessions
that display less native-like VOT values in each
language in comparison to the same productions in
the monolingual sessions. These findings
demonstrate that increased activation of the nontarget language(s) in the multilingual experimental
condition
creates
cross-linguistic
phonetic
convergence in the acoustic realization of these
phonemic categories, however, it does not impede
these multilingual individuals from maintaining
language-specific categories in each language. It is
proposed that a model of multilingual processing
based on the principles of episodic frameworks can
explain these findings.

1.1. VOT in English, Spanish, and Japanese

Voice Onset Time (VOT) refers to the relative timing
of the release of the air for a stop consonant and the
onset of phonation (voicing) of a following vowel.
This acoustic cue is determined at a language-specific
level [9,19,21] and can be classified within a
continuum varying in degrees of aspiration.
Spanish /p, t, k/ have a short VOT and are always
unaspirated [p, t, k]. Previous studies have reported a
Spanish VOT between zero and 20 ms. [1,10].
English voiceless stops on the onset of a stressed
syllable are produced with a long lag and are aspirated
[ph, th, kh] except when they follow /s/ [17]. As a
result, English voiceless stops have a substantial
delay between the release and the onset of laryngeal
vibration, resulting in a VOT from 30 ms. to 120 ms.,
corresponding to the aspiration interval [9]. In
contrast to Spanish and English, Japanese is a
language whose voiceless stops may not fit neatly
into the short lag and long lag dichotomy [27].
Homma [16] and Shimizu [29] reported VOT means
for /p, t, k/ between 25ms. and 65ms. Furthermore,
VOT data of monolingual Japanese speakers indicate
that their voiceless stops fall between the short lag
and long lag boundaries suggested by Lisker &
Abramson [19], with mean values of 30, 25.5, and
56.7 ms. for /p/, /t/, and /k/ [27].

Keywords: VOT, L2 acquisition, L3 acquisition,
language mode, speech production
1. INTRODUCTION
Many studies on bilingualism have investigated the
influence of the first language (L1) on the production
and perception of language-specific phonological
contrasts in the second language (L2). In recent years,
however, the interest in cross-linguistic influence has
expanded into third language (L3) acquisition, raising
issues regarding the suitability of current models of
L2 phonology as a framework for the study of L3
phonological acquisition.
Despite the fact that L3 acquisition is a fairly new
field of research and that phonology remains the least
explored area [11], recent studies in L3 phonology
have shown that L3 speakers produce L1-accented
speech in their L3 [28], L2 phonological transfer into
the L3 [22], a combined influence of the L1 and L2
on L3 pronunciation [32], and influence of the L3 on
the L1 and L2 [7]. However, studies comparing L2
and L3 phonological acquisition are still scarce and
we still do not have a clear understanding of how the

1.2. Static and dynamic phonetic interactions

Phonetic interaction can occur as a result of long-term
traces of one language influencing the other [30]. This
is a static process as a result of cross-linguistic
interactions
between
long-term
memory
representations. An extensive body of research has
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provided evidence of this influence at the phonetic
level, investigating language-specific VOT values
[3,8,20,31].
The second type of cross-linguistic influence is
more transient and occurs during short-term
operations. This dynamic process is the result of
interactions between representations that are
simultaneously activated in working-memory. If we
assume that when speakers are using two languages
the representations of both languages are
simultaneously activated, thus creating competition
between the two languages, we can expect a deviation
of the target phonetic implementation towards the
non-target language during online speech processing.
Grosjean [15] distinguishes these two types of crosslinguistic influence as transfer and interference,
respectively. While recent work has examined the
transient cross-linguistic interference of phonetic
interaction in bilinguals [2,14,23,24], there are no
previous studies focusing on static and dynamic
phonetic interaction in both bilingual and
multilingual speakers.
The present study investigates the acoustic
realization of Spanish, English, and Japanese /k/ by
English-Japanese bilinguals and Spanish-EnglishJapanese trilinguals. The experiment assumes that
bilingual and trilingual mode can be induced
experimentally if the stimuli come from each
language and the task asked of the participants
requires processing of multiple languages.

2.2. Materials and recording procedure

The production of the target word-initial velar
voiceless stops in Spanish, English, and Japanese was
elicited in a reading-aloud task. The materials
consisted of 14 experimental items (3 repetitions) for
each language. All target experimental words
consisted of word-initial /k/ followed by a low mid
vowel /a/. The target voiceless velar stop /k/ appeared
in a stressed syllable in English but unstressed in
Spanish and Japanese. Each target item was
embedded in a carrier phrase I say TARGETWORD
for you (English), Digo TARGETWORD para ti
(Spanish), and また TARGETWORD といってく
ださい, ‘Mata TARGETWORD to itte kudasai’
(Japanese). The Spanish and English carrier phrases
were presented in roman script and the Japanese
carrier phrases in hiragana (ひらがな)script.
The production experiment was conducted
individually in a sound-attenuated booth with
participants comfortably seated in front of a computer
display. Each sentence was presented on a computer
screen for five second and participants were asked to
read the sentences clearly and with a natural pace,
speaking neither too quickly nor too slowly. The
speech samples were recorded using a head-mounted
microphone (Shure SM10A) and an audio interface
(MOTU Ultra Lite mk3), digitized (44kHz, 16-bit
quantization), and computer-edited for subsequent
acoustic analysis.
The crucial manipulation in the present study is
that participants were asked to participate in separate
experimental sessions. In the monolingual sessions
participants read words only in the target language:
either Spanish, English, or Japanese. In the bilingual
session, the bilingual groups read Spanish and
English or English and Japanese, or Spanish and
Japanese carrier phrases presented together in
randomized order. Finally, the trilingual group also
participated in a trilingual session in which Spanish,
English, and Japanese carrier phrases were presented
aleatorily. Within the bilingual and trilingual
recording sessions, participants produced equal
numbers of experimental words in each language, and
the same items were presented in the monolingual,
bilingual, and trilingual sessions.

2. METHOD
2.1. Participants

Fifteen participants were recruited to participate in
the production experiment. The sample comprised
five L1 English-L2 Japanese bilinguals and five L1
English-L2 Spanish-L3 Japanese trilinguals. Five L1
Japanese native speakers were also recruited as a
control group. Ages ranged from 19 to 22 (M=20.8,
SD=1.1). They reported normal speech and hearing,
and normal or corrected to normal vision.
The L1 English-L2 Japanese bilinguals (N=5) had
been raised in a monolingual English household in the
U.S., spoke English as their native language, and
were not native speakers of any other language. The
L1 English-L2 Spanish-L3 Japanese trilinguals (N=5)
consisted of Spanish heritage speakers who had been
raised and educated in a bilingual environment in the
U.S., having extensive exposure to both Spanish and
English on a daily basis. At the time of testing these
learners were enrolled in Japanese 4 at UC Santa
Cruz, and would be considered to be at the novice
high sublevel of Japanese language study, according
to the ACTFL Proficiency Guidelines. Finally, the L1
Japanese-L2 English bilingual control group (N=5)
were native Japanese speakers, enrolled in a one-year
study abroad program at UC Santa Cruz.

2.3. Acoustic analysis

The VOT values of the target stops were obtained
from the waveform using Praat [5]. VOTs were
obtained by measuring the time interval between the
stop release and the onset of voicing as discerned on
the waveform as periodic (repeating) cycles. The
measurement (rounded to the nearest decimal) was
determined from the beginning of the burst (identified
by a sharp spike where the waveform changes from
quiescent to transient) to the beginning of the first
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Figure 2: VOT values (ms.) of productions in
monolingual and bilingual mode by the L1 EnglishL2 Japanese bilingual group

regularly repeating voicing cycle. The point in the
first glottal cycle that was counted as the onset of
voicing was the initial zero crossing in the waveform.
Each participant produced either 168 (bilinguals)
or 504 (trilinguals) target items, for a total of 4,200
VOT tokens. 79 tokens were excluded due to
mispronunciations or recording errors. As a result, the
dataset comprised a total of 4,121 measurements.
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In order to compare the VOT values of bilingual and
trilingual participants as a function of their language
and experimental session, a dataset was created
including the average over subjects as a condition of
language and session. As shown in Figure 1, each
group maintains language-specific VOT values in
their production of /k/ in each language.
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Figure 3: VOT values (ms.) of productions in
monolingual and bilingual mode by the Japanese
native speaker control group.

Figure 1: VOT values (ms.) as a function of group
and language.

120

L1 Japanese-L2 English bilinguals
English
Japanese

100

120

60
40

60

0

20

20

40

VOT (ms)

80

VOT (ms.)

80

100

English
Japanese
Spanish

eng_jap_bil

jap_mono

0

eng_mono
L1 English-L2 Japanese bilinguals

Session

L1 Spanish-L2 English-L3 Japanese trilinguals

Group

Figure 4: VOT values (ms.) of productions in
monolingual, bilingual, and trilingual mode by the
Spanish-English-Japanese trilingual group.

The dataset was submitted to a mixed-model
ANOVA, which was performed using R [26], with
speaker group as between-subjects factor, language
and experimental session as within-subjects factors,
and subject as the random terms. The mixed-design
ANOVA yielded significant main effects of speaker
group (F(2,12) = 11.7, p<0.001), language (F(2,168)
= 217.4, p<0.001) and experimental session (F(6,168)
= 18.4, p<0.001). In addition, there was a significant
interaction between speaker group and language
(F(2,168) = 7.8, p<0.001).
The results of each fixed factor and the significant
interaction between speaker group and language
motivated the division of the dataset into speaker
group subsets. The results of the interactions explored
with pairwise comparisons using Tukey’s HSD test
are reported separately below for each group. In all
cases, paired t-tests and effect sizes calculated by
means of paired Cohen’s d are reported. Figures 2, 3,
and 4 present the VOT values (ms.) for each speaker
group in the production of /k/ in each experimental
session.
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The analysis of the L1 English-L2 Japanese
bilingual group revealed a significant difference
between the VOT values of /k/ produced in
monolingual mode and bilingual mode in English
(diff. = 18, t(9) = -3.24, p<0.001, Cohen’s d=1.03)
and in Japanese (diff. = 11.2, t(9) = -3.15, p<0.001,
Cohen’s d=1.009). The pairwise comparisons
investigating the effects of the experimental session
in the production of English /k/ by the L1 Japanese966

L2 English bilingual group yielded a significant
difference between monolingual and bilingual mode
(diff. = 23.6, t(9) = -6.57, p<0.001, Cohen’s d=2.08).
This language mode difference was also found in
their production of Japanese /k/ (diff. = 5.6, t(9) = 3.35, p<0.001, Cohen’s d=1.07). Finally, a
comparison of each combination of monolingual,
bilingual, and trilingual experimental session was
made for the VOT values of each language produced
by the L1 Spanish-L2 English-L3 Japanese trilingual
group. Table 1 presents the results of the pairwise
comparisons on the VOT values for each language
and experimental session.
Table 1: Pairwise comparisons on the VOT values
of the L1 Spanish-L2 English-L3 Japanese group
for each language and experimental session.
English
English mono - Eng-Jap bil
English mono - Eng-Span bil
English mono - Eng-Span-Jap
Eng-Jap bil - Eng-Span bil
Eng-Jap bil - Eng-Span-Jap
Eng-Span bil - Eng-Span-Jap

diff. = 15, t(9) = –5.99, p<0.001, Cohen’s d=1.89
diff. = 9.2, t(9) = 3.61, p<0.01, Cohen’s d=1.13
diff. = 7.3, t(9) = 5.01, p<0.001, Cohen’s d=1.58
diff. = 5.8, t(9) = – 3.08, p<0.01, Cohen’s d=0.98
diff. = 7.7, t(9) = – 4.26, p<0.01, Cohen’s d=1.35
diff. = 1.9, t(9) = – 1.12, n.s

Japanese mono - Eng-Jap bil
Japanese mono - Span-Jap bil
Japanese mono - Eng-Span-Jap
Eng-Jap bil - Spn-Jap bil
Eng-Jap bil - Eng-Span-Jap
Span-Jap bil - Eng-Span-Jap

diff. = 5.8, t(9) = – 2.54, p<0.05, Cohen’s d=0.80
diff. = 21.6, t(9) = 3.6, p<0.01, Cohen’s d=1.13
diff. = 1.2, t(9) = – 0.78, n.s
diff. = 15.8, t(9) = 3.09, p<0.01, Cohen’s d=0.97
diff. = 4.5, t(9) = –3.43, p<0.001, Cohen’s d=1.09
diff. = 20.3, t(9) = 3.43, p<0.001, Cohen’s d=1.08

Spanish mono - Eng-Span bil
Spanish mono - Span-Jap bil
Spanish mono - Eng-Span-Jap
Eng-Span bil - Span-Jap bil
Eng-Span bil - Eng-Span-Jap
Span-Jap bil - Eng-Span-Jap

diff. = 1.6, t(9) = 1.4, n.s
diff. = 7.2, t(9) = – 1.55, n.s
diff. = 6.5, t(9) = 2.09, p<0.05, Cohen’s d=0.65
diff. = 8.8, t(9) = 1.67, n.s
diff. = 4.9, t(9) = – 1.33, n.s
diff. = 13.8, t(9) = 3.01, p<0.01, Cohen’s d=0.95

Japanese

Spanish

4. DISCUSSION AND CONCLUSIONS
The present study analyzed the acoustic realization of
the Spanish, English, and Japanese voiceless velar
stop /k/ produced by two groups of English-Japanese
bilinguals and a Spanish-English-Japanese trilingual
group. The experiment also examined the effects of
language activation (i.e., language mode) on the
acoustic realization of /k/ in their L1, L2, and L3.
The results of the production task indicate that
voiceless velar stops in Japanese, English, and
Spanish differ in their VOT values. Specifically, all
participant groups produce /k/ with a longer VOT in
English and with a shorter VOT in Japanese.
Furthermore, the trilingual group produces an even
shorter VOT in Spanish, thus maintaining languagespecific VOT patterns for each language.
Even though these bilingual and multilingual
individuals maintain language-specific VOT patterns
for each language, the acoustic analyses also reveal
phonetic convergence as a result of language mode.
Bilingual and trilingual individuals alike produced
voiceless velar stops in bilingual and trilingual
sessions that mostly displayed less native-like VOT

values in each language in comparison to the same
productions in the monolingual sessions.
Interestingly, not all languages of the trilingual
individuals are affected in the same way: their L1
(Spanish) VOT values seem to be least affected by
changes in the experimental session than English and
Japanese. This is a remarkable feat if we consider that
more precision may be required to maintain short lag
Spanish stops in comparison to a wider span of VOT
values for English and Japanese voiceless stops in
bilingual and multilingual speech. The fact that larger
differences were not found in their Spanish
production of short-lag voiceless stops, resulting in
less variability, may be explained by a gestural
account as suggested by Kessinger and Blumstein
[18]: lengthening a short-lag VOT requires an
additional gesture (aspiration). In the same vein,
Beckman et al. [4] explain that in aspirating
languages lengthening a short-lag VOT would reduce
or eliminate the contrast, while in prevoicing
languages (such as Spanish) this gesture would
simply be additional effort.
Taken together, these findings provide evidence
of transient (dynamic) interlingual interference on the
acoustic realization of /k/ due to the increased
activation of the non-target language(s) in the
bilingual and multilingual experimental conditions,
even if it does not impede these multilingual
individuals from maintaining language-specific
categories in Spanish, English, and Japanese, thus
overcoming long-term (static) traces of one language
influencing the other.
A model of multilingual representation and
processing based on the principles of episodic (or
complementary-systems) frameworks can explain
these findings [12,13]. Exemplar models of lexical
representation [6,25] are able to account for the
effects of the increased activation of two or three
languages as a result of being in bilingual or trilingual
mode. An increase in the strength of activation of
words in bilingual/multilingual mode could be
responsible for displacing by means of assimilation
the degree of aspiration (i.e., VOT) of interconnected
clouds of data, which would result in a “gestural
drift”. The production of words in bilingual and
trilingual mode potentially draws from all language
exemplars instead of restricting the possible targets to
the language-specific exemplars available for each
language separately in the monolingual sessions.
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The distinction between fortis /ptk/ and lenis /bdg/
stops in German essentially relies upon the presence
or absence of aspiration, whereas it essentially relies
upon the presence or absence of voicing in French [6].
German lenis stops, contrary to French ones, are
voiceless but tend to be voiced in intervocalic
position [3]. Then, in German, there is a
neutralization of the opposition between fortis and
lenis obstruents in final position [13] [8], in favour of
the fortis consonants, which means that final
obstruents are always fortis in German. This is a
strong constraint with a high level of priority [1].
Since final consonants are fortis and should stay so,
assimilation, if any, is progressive and occurs from
the final fortis, thus unvoiced, stop or fricative to the
initial lenis fricative consonant. We mention only
lenis fricatives as sounds subjected to assimilation
here, since, according to Jessen [3] German lenis
stops are unvoiced in nature and passively voiced by
assimilation in intervocalic position. The realization
of assimilation processes and their strength depend,
among other factors, upon the importance of the
prosodic boundary: it increases at lower boundaries
and decreases at higher ones [4]. Previous studies on
L2 show that cues related to the fortis/lenis distinction
are at least partially acquired by L2 learners,
especially advanced learners. In particular, Laeufer
[5] underlined the difficulty encountered by French
learners of English in the reduction of glottal pulses
during the closure of English final voiced stops,
whereas [2] showed that German advanced learners
are able to voice French lenis fricatives in final
position. Assimilation processes might be relatively
difficult to acquire, as it was suggested by the study
of Schmidt [10] concerning the acquisition of
regressive assimilation of voicing by L2 learners of
Spanish.

ABSTRACT
We analyze voicing in sequences of obstruents with
French as L1 and German as L2, languages
characterized by strong differences in the voicing
dimension, including assimilation direction. To that
purpose, we study the realizations of two sequences
of obstruents, where the first consonant, in final
position, is fortis, and the second consonant, in initial
position is either a lenis stop or a lenis fricative. These
sequences lead to a possible anticipation of voicing in
French, a direction not allowed in German given
German phonetics and phonology. Highly variable
realizations are observed: progressive and regressive
assimilations, and absence of assimilation, often
accompanied by an unexpected pause. Results show
that French learners tend to perform better when the
consonant is a stop than a fricative. Results are
discussed as a function of French learners’ mastering
of German (final voicelessness, stop voicing, as well
as phonological system).
Keywords: voicing assimilation, German, French,
L1/L2 interferences, obstruents.
1. INTRODUCTION
In French, in contexts favourable to the occurrence of
assimilation phenomena, when an obstruent in final
position precedes another obstruent in initial position,
which differs from the first one in the voicing
dimension, there is in most cases a full or partial
anticipation of the voicing characteristics of the
second consonant on the first one [7] [11]. In German,
voicing assimilation occurs in the opposite direction,
and in limited contexts: in this language, in
favourable contexts, a final obstruent (unvoiced)
tends to devoice a following voiced fricative
consonant in initial position [4]. These inverse
assimilation directions are probably due to the strong
differences existing between German and French
with respect to the fortis/lenis feature. First, let us
state more precisely that, in this paper, we use the
term “voicing” (or “voiced”, “unvoiced” …) to refer
to an articulatory phenomenon, vocal fold vibration,
which generates periodicity, and use the terms
“fortis” and “lenis” to refer to the values of the
phonological feature distinguishing (fortis) /ptkfsʃ/
from (lenis) /bdgvzӡ/.

The aim of this preliminary study is to analyze
sequences of obstruents in L2 which would constitute
a case of voicing assimilation in L1 (and possibly, in
L2) for French as L1, and German as L2, languages
for which this assimilation occurs in the opposite
direction. We will address the following questions.
 Do French L2 speakers keep their L1 patterns?
 Do their performances vary with their level?
 What is the role played by prosody, in
particular the presence or absence of pauses?
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Results will be discussed as a function of speakers’
mastering of (1) voicelessness for final obstruents in
German (called “FU” from now on, “F” standing for
“final” and “U” for “unvoiced”) and (2) phonetic
differences in the realizations of the fortis/lenis
feature for stops, in particular with respect to voicing.

2.3. Acoustic cues

Segmentation was carried out by hand by the author,
using Praat. We analysed the periodicity (glottal
pulses) of the signal for each consonant of the
consonantal sequence. It has been estimated by Praat
"Voicing Report" function which provides the
fraction of locally unvoiced frames during a segment,
from which we deduced the fraction (the percentages)
of voiced frames during the obstruent duration.

To that purpose, we study the realizations of French
non native and German native speakers (control
speakers) in two sequences of obstruents, where the
first member, a single consonant or a cluster, in final
position, is fortis, and the second member, in initial
position, is either a lenis stop, unvoiced in German in
this position, (first case), or a lenis (voiced) fricative
(second case). In both cases, the typical French
realization implies a partial or total anticipation of
voicing from the second to the first consonant. In
German, the sequence should be unvoiced (first case)
and the lenis fricative could undergo a partial or total
assimilation of devoicing (second case).

Figure 1: Percentages of voiced frames for /s/ and
/b/ (sentence 1) by German native speakers (black
crosses), French non native advanced learners (red
points) and beginners (green points).

2. PROTOCOL
2.1. Linguistic material.

Two sentences have been extracted from the IFCASL
corpus [12], (S1): “Bei hohem Fieber legst du dich ins
Bett” (“If your fever is high, get yourself to bed”) and
(S2): “Die Chance im Lotto zu gewinnen ist sehr
klein” (“The chance of winning the lottery is very
low”). The first sentence (S1) includes a sequence in
which the unvoiced fortis /s/ in final word position
precedes the lenis /b/ in initial word position (“ins
Bett”, end of the sentence). The second one (S2)
includes a sequence in which the final fortis cluster
/st/ precedes the initial lenis fricative /z/ (“ist sehr”,
end of the sentence).

3. RESULTS
3.1. First sentence

In the /s/-/b/ sequence, in German, a fortis, thus
unvoiced, fricative precedes a unvoiced lenis stop.
The same sequence in French, where /b/ is voiced,
would in most cases lead to a partial or total
anticipation of voicing on the preceding /s/.
We first analyze the amount of voicing during the
consonant (% of locally voiced frames, hereafter
“voicing fraction”) for /s/ and /b/ separately, and then
for the consonants in sequence. We consider four
groups of speakers: German native speakers (GG),
French non native speakers (FG), as well as, among
FG, advanced learners (Adv) and beginners (Beg).
Figure 1 shows the amount of voicing for /b/ as a
function of that observed for /s/, for the four
categories of speakers. To compare the results, we
used Pearson’s chi-squared test analysis, provided by
R software [9]. To that purpose, fractions of voiced
frames were gathered into five intervals regularly
spaced, i.e. [0,20], ]20-40] …]80,100].

2.2. Speakers and recording conditions

The subjects were seated in a quiet room and read the
sentences from the screen of a Windows laptop, with
a headset microphone (AKG C520) connected to an
Audiobox (M Audio Fast track). Fifty six French
learners of German (“FG” speakers), and forty native
German speakers (“GG” speakers) recorded the
corpus. The non native speakers were classified by
French teachers of German into four categories, from
A2 to C1. There were 25 A2 and 9 B1, gathered
together and designed as beginners (34 speakers), 6
B2 and 16 C1 speakers designed as advanced learners
(22 speakers).
Each speaker recorded each sentence once. Hence,
there were 112 groups of obstruents (56 speakers x 2
sentences) for French speakers, and 80 for German
speakers.

Results for /b/. As expected, and as can be seen on
Figure 1 (X-axis), there are large variations for
beginners, whose voice fractions are scattered all over
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the X-axis, whereas values for advanced learners and
German speakers are relatively low (generally under
40%). Advanced learners have a median value
slightly above that of German speakers (Table 1). All
the possible pairwise comparisons between groups of
speakers (GG vs. FG, Adv vs. Beg, GG vs. Adv and
GG vs. Beg) are statistically significant (Table 2).
Results for /b/ tend to show that a large part of
beginners do not master German phonetics for /b/.

is a small unexpected pause (a silence, in general) or
a schwa between /s/ and /b/, probably to make the
sequence easier to produce. This result shows that
most beginners do not anticipate voicing. We believe
that the “unvoiced-voiced” sequences are produced
by speakers who master FU, but are unaware of the
fact that /b/ is generally unvoiced. Most “voicing
fractions” for /b/ here are at 100%.
Table 2: P-values of chi-squared tests.
Comparisons between the % of voiced frames for
/b/ and /s/ (first sentence) realized by German
speakers, French learners, advanced learners and
beginners. Significant values are followed by a star.

Table 1: Medians of the % of voiced frames, for /s/
and /b/ (sentence 1), for German native speakers,
French advanced learners and beginners.

/b/
/s/

Ge
11
27

Adv
12.5
22

Beg
57.5
24.5

/b/
/s/

Results for /s/. In most of the cases, the realizations
are predominantly unvoiced (their voicing fractions
are under 50%), whatever the speakers’ first language
and, for non native speakers, whatever the level (see
Fig. 1, Y-axis, and Table 1). Voicing fractions indeed
rarely exceeded 50%, a result which tends to show
that a large majority of the non native speakers in the
corpus are aware of the strong constraint concerning
the voicelessness of final consonants in German (FU).
We find no statistical differences between the groups
of speakers (Table 2), even for the comparison
between German and beginners. Concerning German
speakers, the few relatively high values, say above
40%, are in general due to a progressive partial
assimilation of voicing due to the presence of a
sonorant consonant before /s/.

Ge/ Fr
0.002*
0.7

Ge/ Ad
0.01*
0.4

Ge/ Beg
0.00001*
0.8

Ad/Beg
0.008*
0.5

The “unvoiced-unvoiced” cases, typical of German
realizations, are the most frequent configurations
(lower left corner, Fig 1). These realizations are
observed for a large majority of advanced learners
(82%) and German speakers (87%). About half of the
realizations made by beginners also fall into this area,
but with voicing fractions for /b/ slightly higher than
those observed for advanced learners and German
speakers.
Figure 2: Distribution of the % of voiced frames for
advanced learners (dark blue) and beginners (light
blue). Second sentence. /s/-/z/ sequences.

Results for /s/-/b/ sequence. For the sake of
simplicity, we have considered four cases, according
to whether the first and the second consonant are
mostly voiced or mostly unvoiced, i.e. whether there
are glottal pulses on more or less than 50 % of their
durations.
Since /s/ is in general unvoiced, there is few « voicedunvoiced » and « voiced-voiced » cases. The former
case (“voiced-unvoiced”, Fig.1, upper left corner) is
observed in only one case for French speakers. This
was expected, since French L2 speakers are probably
more aware of final voicelessness (FU) than of the
voicelessness of /b/ in German in this position.
The “voiced-voiced” cases (upper right corner of Fig.
1), which might correspond to a “French-like”
anticipation of voicing, are observed for 15% of
beginners and less than 10% of advanced learners.
The “unvoiced-voiced” realizations (lower right
corner in Fig. 1) are all produced by beginners but for
only one exception. About a third of beginners
produce this configuration. In most of the cases, there

3.2. Second sentence

In this sentence, the fortis /t/ of “ist sehr” sometimes
disappears and the sequence is made up of two
alveolar fricatives, the fortis /s/ and the lenis /z/. In
this case, it is difficult to segment them with
precision, so we decided to describe the sequence /s//z/ as a whole. When /t/ is present, we analyze the
final cluster /st/ and the initial /z/ separately.
German speakers omitted the /t/ in half of their
realizations. Whatever the sequence realized (with or
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Beginners produced in general “unvoiced-voiced”
sequences (72% of the cases), whereas advanced
learners produced in general “unvoiced-unvoiced”
sequences (78% of the cases). When /z/ is fully
voiced, we often observe the presence of a pause or a
schwa after the unvoiced cluster /st/. The same
observation was made for “unvoiced-voiced”
realizations in the first sentence.

without /t/), they produced almost entirely unvoiced
groups of obstruents (see Table 3).
Table 3: Medians of the % of voiced frames, for /st/,
/z/ and /sz/ (sentence 2), for German native
speakers, French advanced learners and beginners.

/st/
/z/
/sz/

Ge
15
14
13

Adv
16
28
44

Beg
18
96
100

Due to the low number of occurrences in some cases,
we mixed up results for advanced learners and
beginners for the statistical analysis. All comparisons
between the realizations of L1 and L2 speakers, for
/st/, /z/ and /sz/, are statistically significant (p-values
below 0.01, Pearson test).

Sequence /s/-/z/. Figure 2 represents the distribution
of the predominantly voiced and unvoiced
realizations for this sequence. For beginners and
advanced learners, the consonant /t/ is absent in about
half of the realizations. For beginners, the fricative
noise covering the whole sequence is most of the
times entirely voiced (Median at 100%, see Table 3,
mean at 85%), which corresponds to a “French-like”
assimilation of voicing. There is only one unvoiced
realization. For advanced learners, on the contrary,
the realizations are highly variable (Median at 44%),
with more unvoiced than voiced realizations. German
realizations are all unvoiced.

4. DISCUSSION AND PERSPECTIVES
Although there are still differences between German
and advanced learners’ realizations, results show that
most advanced learners produce unvoiced obstruent
sequences, whereas French-like realizations would
imply voiced sequences. This probably means that
advanced learners are aware of the strong constraint
concerning the voicelessness of obstruents in final
position in German (FU). It is less simple to
determine why they devoice the following initial lenis
stop in the first sentence. Does this come from their
respect of FU, which would lead to the devoicing of
the initial lenis stop (normally voiced in French)? Is
it linked to their performance in German (i.e. they
would produce unvoiced lenis stop in non intervocalic
contexts)? They are less performant when the second
consonant is the lenis fricative /z/ (about 90% of their
realizations are unvoiced for the first sentence, and
only 68% in the second one). This might be due to the
fact that a lenis stop, even for French speakers, is
more subjected to devoicing than a lenis fricative. We
can also remark that most of the voiced realizations
for /z/ are observed when the final cluster /st/ is
reduced (/t/ omitted), which does not favor the
realization of a progressive assimilation. In our
corpus, all the German speakers but one devoice /z/,
but in this language, there are very few /s/ in initial
position, which favors the devoicing of /z/ [5]. The
same tendencies are observed for beginners who are
nevertheless, as expected, less performant than
advanced learners. We observe that beginners often
use prosody (in particular the presence of a pause or
a schwa) to produce “unvoiced-voiced” sequences, in
between typical “French-like” and “German-like”
realizations. More studies are planned to answer the
questions this preliminary study raises, in particular
concerning the link between each speaker mastering
of the fortis/lenis feature and sandhi processes.

Figure 3: % of voiced frames for /z/ (X-axis) and
/st/ (Y-axis) for French advanced learners (red
points), beginners (green points) and German
speakers (black crosses). Sentence 2.

Sequence /st/-/z/. Figure 3 represents the % of voiced
frames for /z/ as a function of the % observed for /st/.
For beginners and advanced learners, the cluster /st/
in final position is always unvoiced (Median at 18%
for beginners, at 16% for advanced learners).
Concerning the initial consonant /z/, the realizations
for beginners (Fig. 3, green points, X-axis) are either
almost fully voiced or, in fewer cases, mostly
unvoiced (Median at 96%, mean at 74%). For
advanced learners, (Fig. 3, red points), /z/ is in general
unvoiced (Median at 28%).
The sequences of final and initial consonants are thus
either “unvoiced-voiced” or “unvoiced-unvoiced”.
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speakers of languages that articulate [s] further
back and/or have a dentalised [t] such as Dutch, are
very likely to substitute English [θ] with [t] [9].
Languages do not always fit neatly in this ‘t*+languages’ category – Dutch learners of English,
for example, most frequently use [t] and [d], they
have also been shown to use substitutions such as
[s] and [z] as well as [f] and [v] [9]. Polish learners,
too, often substitute the target sounds by [t], [d], [f]
and [v] [6]. ‘*s+-languages’, on the other hand,
include German – supposedly including Swiss
German as well as Austrian varieties – and
Japanese, as they substitute [θ] predominantly with
[s] [13].
We wanted to explore substitutions by Swiss
learners of English in greater detail. From our own
experiences as Swiss learners of English, we are
not convinced by the result put forth by [13] that
Swiss German is an ‘*s+-language’. To this end we
examine what substitutions for dental fricatives
Swiss German learners of English use. Secondly
– and this appears to be a research gap – we wanted
to study how these learners differ from one another
in their choice of substitution. Learners of English
(n=45) performed a reading task that included
voiced and unvoiced dental fricatives in a number
of contexts. We expected that (a) most learners
would substitute the target sound with a sound that
is most familiar to them, probably [d] or [f] (based
on our anecdotal impressions), and (b) that
speakers would exhibit substantial variation in the
substitution strategies chosen.

ABSTRACT
Anecdotally, it has been observed that Swiss
Germans speaking English use a plethora of sounds
for the dental fricatives /θ/ and /ð/. It is
unsurprising that L2 speakers tend to substitute a
sound not present in their native phoneme
inventory with a sound that is present; however,
there is wide intra- and inter-speaker variation in
the sounds chosen to replace the dental fricatives.
The present study is an initial examination of how
speakers of Swiss German differ in their choice of
sound substitution when speaking English. We
recorded read speech from 45 high school students.
Data was coded auditorily and acoustically.
Findings confirm substantial variation between the
learners, with the most common replacement being
[d] for the voiced dental fricative and [f] for the
unvoiced counterpart. We discuss potential reasons
for the reported between-speaker variation.
Keywords: Foreign accent, second language
learning, Swiss German, EFL
1. INTRODUCTION
One aspect that plays a crucial role in second
language acquisition is pronunciation. An
interesting phenomenon in this context is the use of
substitutions: the replacement of a specific L2
phoneme by another phoneme of L1. Thus, the
substituted sound is typically acoustically and/or
articulatorily most similar sound in the native
language to one from the target language [1]. One
of the most frequently analysed features in learners
of English is the substitution of dental fricatives,
which has been studied for a number of
typologically different L1s [4, 5, 6, 7, 8, 9, 11, 12,
13, 16, 17]. For learners of English, this sound in
particular is difficult as it is very rare: The World
Atlas of Language Structures (WALS) indicates
only 40 languages to have dental fricatives [2].
Literature suggests that languages are either ‘*t+
languages’ or ‘*s+ languages’ depending on which
sound is used most frequently when substituting.
Typical ‘t*+ languages’ are Russian, Polish and
Dutch [11, 17]. [14] for instance, found that

2. METHODS
2.1. Speakers

Forty-five
students
from two
different
Gymnasiums (i.e. high schools) in Thun and
Gstaad participated in this study. The majority of
students were Swiss German natives (n=29), with
some Standard German natives (n=8); data further
includes Albanian (n=1), Chinese (n=1), Russian
(n=1), Spanish (n=1) and Croatian (n=1) natives
who were born in Switzerland and grew up
bilingual. Five students were wearing braces at the
time of recording.
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spectrograms. To increase reliability in coding, the
data was coded twice by the first author with a three
week break in between. Furthermore, a subset of
the data was analysed by a colleague and the coding
was cross-compared to the first author’s, again, to
minimize further bias. Using diacritics, we coded
for as much phonetic detail as possible. Such as
dentalised variations or devoicing of sounds.

2.2. Material

Subjects read 21 sentences that included 61 words
containing a dental fricative; 32 in word-initial
position, 15 word-medial, and 14 word-final (Table
1).
Table 1: List of target words in text.
Phon.
context
Initial

Medial

Final

[ð]

[θ]

this
the
that
these
those
than
there
the

three
Thursday
thirty
therapy
things
thanks

Heather
weather
northern
although
rather
bathing
mother

healthy
nothing
Nathan
cathedral
gothic
mythical

breathe
with
teethe
soothe
writhe

3. RESULTS
3.1. Overall distribution

Table 2 shows the overall distribution of
realisations for /ð/ (left) and /θ/ (right), collapsed
for phonological contexts.
Table 2: Distribution of sound production of /ð/
and /θ/.

Smith
worth
both
math
eleventh

The distribution for phonological environments is
52% for word-initial position, 25% for wordmedial and 23% for word-final position. The text
read off by the speakers included the target sounds
preceding and following front, back and central
vowels.

Category
/ð/
d

Frequency

Frequency

21.1% (n=398)

Category
/θ/
θ

d̪

19.6% (n=370)

θ̪

15.4% (n=132)

ð

13.9% (n=262)

f

12.6% (n=108)

ð̥

12.4% (n=234)

tʰ

11.3% (n=97)

ð̪

11.9% (n=224)

s

6.2% (n=53)

others

6.2% (n=117)

s̪

4% (n=34)

f

4.1% (n=78)

θ̬

3.9% (n=33)

s̪

3.4% (n=65)

affricates

2.9% (n=25)

affricates

2.2% (n=42)

d

1.7% (n=15)

tʰ

1.7% (n=32)

others

1.4% (n=12)

NA

1.3% (n=24)

d̪

1.1% (n=10)

s

1.2% (n=23)

NA

0.7% (n=6)

ɾ

1.1% (n=21)

38.6% (n=330)

In total, we coded 39 different types of variants. 16
of these are shown in Table 2 – the other 27 are
summarised in the category ‘others’ (e.g. [ʃ] or [x]).
This is due to their single occurrence within the
sound realisations. “NA” includes inaudible sounds
or false words that were produced. For /ð/, [d] was
the most prominent realisation by far (21%),
followed by a dentalised version thereof (20%).
38% of the time students realised the target [ð],
including unvoiced and dentalised variants. The
voiceless counterpart /θ/ showed a different
pattern: 58% of all variants were [θ], also including
dentalised and retracted variants thereof.
A closer inspection revealed that speakers
exhibited different preferences for variants
depending on phonological context, showing intraspeaker variation. For [ð] in word-initial position,
[d] was used the most at 30.3%, followed by a [d̪]
(26.2%). While [d] featured heavily in initial
position, it made up only 10.1% in medial position.
In final position, the most common substitution for

2.3. Procedure

The data was collected using a Zoom H2n mobile
digital recorder. To keep background noise to a
minimum, one group of participants sat in a small
room that had shelves with books, a wooden floor
and curtains. The other group was recorded in a
classroom, given that no smaller room was
available. Metadata on educational background as
well as motivation for learning English was
collected via a questionnaire before the recording.
However, given the scope of this paper, metadata
was not addressed in more detail at this stage.
Following the recording session, the set of target
words was extracted for analysis. Data was coded
auditorily and, if necessary, supported by acoustic
analyses. Thus, certain unclear sounds were
analysed in more detail by inspecting
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/ð/ was [f] (19.1%). For [θ] in word-initial position,
in 17% of the cases students articulated [tʰ]. In
word-medial position, they predominantly used the
target sound [θ] (54.4%), suggesting that a targetlike pronunciation is easiest in this phonological
context. In word-final position however, [f] is used
the most (25.7%). Chi-squared tests of
independence revealed significant differences in
variants used depending on phonological context
for both voiced and voiceless target sounds (/ð/: x2
(24, 1890) = 1057, p<.0001; (/θ/: x2 (22, 855) =304,
p<.0001).

Fig. 1 reveals substantial variation in the
production of the target sounds. Most students
replaced [ð] with [d], shown in green, as well as [d̪]
(blue). Each speaker produced various forms of
substitutions – no speaker used only one or two
variants. Speaker PT6 (17th speaker from above),
for example, produced mostly a [d] (green) (n=15,
35.7%), [d̪] (blue) (n=9, 21.4%), [f] (yellow green)
(n=5, 11,9%), [tʰ] (olive green) (n=3, 7.1%).
Speaker QT6 (8th speaker from the bottom),
produced [d] (green) (n=15, 35,7%), [d̪] (blue) and
[ð̥] (light green) (n=7, 16.7%), and [s̪ ] (pink) (n=3,
7.1%). A chi-square test of independence revealed
significant differences between the speakers (x2
(528, 1890) = 1065.88, p<.0001).

3.2. Between-speaker variation

3.2.1. Voiced

3.2.2. Voiceless

Figs. 1 (voiced) and 2 (voiceless) show the
speakers’ relative preferences, collapsed across
phonological contexts.

Fig. 2 shows substantial variation in production of
the target sounds for /θ/.

Figure 1: Distribution of sounds used for /ð/.

Figure 2: Distribution of sounds used for /θ/.
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Most students replaced [θ] with [f] as indicated
by the orange bar, as well as [tʰ] (pink). Speakers
use several variants for the target sound. Speaker
PG8 (8th speaker from above), for example, most
frequently produced [f] (orange) (n=6, 31.6%),
followed by [s] (olive green) and [θ̪] (teal blue)
(n=4, 21.1%), or [tʰ] (pink) (n=2, 10,5%). QT6 (8th
speaker from bottom up), on the other hand,
produced [f] (n=8, 42.1%), followed by [tʰ] (n=3,
15.8%), [θ̪] as well as other variants (n=2, 10.5%).
A chi-square test of independence, here, too,
revealed significant between-speaker variation (X2
(484, 855) = 815.05, p<.0001).

differences,
such
as
aptitude,
learning
style/strategies, motivation, anxiety, personality
and beliefs. Motivation, as one of the explanatory
variables for between-learner variation, has been
studied extensively [5]. This is not only seen as
important for language learning but also for
maximising its success, including the attainment of
target-like pronunciation [3]. A learner’s individual
style – i.e. a learner’s preferred way of processing
information – has also been shown to contribute to
between-learner variation [3]. More generally,
awareness and consciousness of pronunciation on
the part of the learner probably helps explain
between-speaker variation. Factors such as
motivation can be consciously acted upon (or not
acted upon) by learners [3]. Furthermore, it needs
to be mentioned that learners might want to attain
a certain variation of English, where the
pronunciation of <th> is the norm [10]. This
variation between targets is another factor that
contributes to between-learner variation. All of the
factors mentioned (motivation, aptitude, learning
strategy, personality, between-target variation etc.)
are intertwined with one another and need to be
considered when focusing on the individual
learner. More sophisticated modelling will allow us
to tease apart these factors in greater detail and, in
the future, will help us understand which factors
(motivation, personality, phonological context etc.)
predict use of substitution on the part of the
learners. All these variables highlight the difficulty
of how English should be taught at school. In this
present case, teachers would need to focus on their
pupils individually, which is obviously entailed
with additional effort. As a first nudge in this
direction, this study was sent to the Bernese
Department of Education as a recommendation for
teachers of English as a foreign or second
language.

4. DISCUSSION AND CONCLUSIONS
4.1. Overall distribution

When looking at the overall realisation of dental
fricatives, we find that Swiss German learners of
English produce predominantly [f] and [tʰ] or [s]
for /θ/. This stands in contrast to a previous study
that suggested that Swiss German speakers tend to
realise /θ/ as [s], as Germans and Austrians do [13].
The voiced counterpart is more frequently realised
as [d], [d̪], [f] or [s̪ ]. This result largely reflects
trends found for Dutch learners of English [9, 16].
Thus, perhaps, Swiss German can be viewed as a
*t+ language – or even as an *f+ language in line
with [10]’s suggestion for a new category, this is
particularly true for the voiced allophone. Our
results further suggest substantial intra-speaker
variation. The type of substitution seems to depend
on where in the word the target sound occurs. In the
future, constraints such as word or phonological
context (preceding and following segments) will be
explored further; all the necessary metadata have
been collected. At this stage we are gauging
different modelling techniques which will enhance
our understanding of which factors best predict
variation. Our data (nominally-scaled, 16 different
variants) pose challenges for straightforward
modelling; conditional inference trees may be a
viable approach in the future [15].
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ABSTRACT

may aid in the identification of morphemes and the
phonological processes with affect their realization.
The mapping between underlying and surface forms,
and its predictability, is central to the discussion of
orthographic representation.

Phonetic analysis is a powerful tool in supporting
evidence-based community decisions regarding
orthographic representation, such as whether
graphemes correspond to underlying or surface
forms. This is the first systematic acoustic description
of vowels in ʔayʔaǰuθəm (Comox-Sliammon), an
endangered language spoken in British Columbia.
The measurements reported in this paper illustrate the
categorical and gradient properties of vowels across
different environments. This description has proved
useful in informing ongoing discussions regarding
orthographic representation used for a communitybased dictionary project. The mapping between
underlying and surface forms is central to this
discussion. The current orthography encodes surface
vowel quality, but learners must also be aware of
underlying representations when identifying
morphemes. In this paper, we confirm that variation
in ʔayʔaǰuθəm vowel quality is conditioned by
adjacent consonants. This phonetic investigation has
informed conversations within the community that
focus on how pronunciation of vowels varies and the
implications this has for the orthography.
Keywords: language revitalization,
Sliammon, Salish, orthography, vowels

2. BACKGROUND
ʔayʔaǰuθəm (Comox-Sliammon) is a Central Salish
language traditionally spoken in the K’ómoks,
Tla’amin, Homalco, and Klahoose communities in
British Columbia, with roughly 47 L1 speakers [4].
Previous impressionistic description suggests that
the surface vowel quality of the four phonemic
vowels (/a i u ə/) is heavily influenced by adjacent
uvular and palatal consonants [2,5,6]. Examples from
fieldwork are shown in (1) and (2). /i/ is retracted to
[ɛ] before a uvular consonant in (1), and /a/ is raised
to [ɛ] following a palatal in (2). As both /i/ and /a/ are
realized as [ɛ], the identity of the underlying vowel is
unclear. In the orthography, which privileges surface
representation, one would use ɛ for both.
(1)
(2)

qɛχ /qiχ/
č̓ɛgət /t͡ʃ’aɡat/

[qɛχ]
‘younger sibling’
[t͡ʃ’ɛɡat] ‘to help someone’

The degree and directionality of the effects of
adjacent consonants on vowels have yet to be
quantified. In this paper, we present the first detailed
acoustic description of the Comox-Sliammon vowel
system, specifically testing the effect of uvular and
palatal consonants. From this, we confirm that vowel
quality is largely predictable from context. We
discuss how these findings have been useful in
community-based
discussion
regarding
the
orthographic representation.

Comox-

1. INTRODUCTION
In the context of language revitalization, it is not
uncommon for communities to be writing their
language for the first time. Developing and
implementing a writing system involves decisions
that address how to represent the language in an
accessible and accurate way. While linguists may be
asked to advise during the process, it is not our role to
make decisions, but instead to assist the community
in making informed choices.
Bassetti ([1]) describes a continuum of
“phonological transparency” which categorizes
various orthographic systems by the degree to which
the mapping from grapheme to phoneme is clear. It is
further emphasized that orthography is able to
facilitate or hinder L2 acquisition of pronunciation or
phonemic representations. A transcription system
based on surface forms privileges transparency in
pronunciation, while one based on underlying forms

3. METHODOLOGY
As researchers working on an endangered language,
our priority is to make the most of the limited time we
have left to work with L1 speakers. One way to do
this is to find multiple uses for existing recordings.
The data used in this analysis were collected as part
of ongoing efforts to document the language through
an e-dictionary project.
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Vowels in palatal environments (neutral_palatal
or palatal_neutral) have lower F1 and higher F2
values, consistent with raising and fronting. In uvular
environments (neutral_uvular or uvular_neutral),
vowels have higher F1 and lower F2 valeus,
consistent with lowering and backing. This is true of
both speakers.
The difference between a palatal and neutral
context for /i/ is minimal, as is the difference between
a uvular and neutral context for /a/ and /u/. Of the four
vowels, /u/ appears to be the most distinct
acoustically across all environments: though it is
more front in a palatal environment, with F2 values
similar to /ə/ and /a/, a low F1 places it in an otherwise
unoccupied portion of the vowel space.

3.1. Participants and Procedure

The recordings came from two fluent L1 speakers of
ʔayʔaǰuθəm in their eighties, one female (EP), the
other male (FL). The recordings were made in a quiet
room with a Zoom H6N recorder and Lavaliere
microphones at a 48kHz sampling rate. Up to three
repetitions of each word were recorded.
3.2. Materials

396 tokens were analysed across 102 unique lexical
items. There were 241 tokens from EP and 178 from
FL. The words included each vowel (/a i u ə/) next to
uvular (/q qʷ q’ qʷ’ χ χʷ/), palatal (/d͡ʒ ͡tʃ ͡tʃ’ ʃ j/), and
neutral (/t p θ s ɬ n m l/) consonants. Table 1 shows
the distribution of vowels across the five conditions:
uvular_neutral, neutral_uvular, palatal_neutral,
neutral_palatal, and neutral_neutral. All vowels came
from the initial syllable of a word, which bears
primary stress, meaning all vowels are of similar
prominence and duration [2]. Across the language,
there are relatively few words where /u/ is followed
by a palatal, which resulted in the small number of
tokens for this condition (3 per speaker).

Figure 1: 95% Confidence Ellipses for F1 and F2
(Hz) at Vowel Midpoint (50%) for speaker EP (e)
and FL (f), by Environment

Table 1: Distribution of vowels across conditions

/ə/
uvular_neutral 28
neutral_uvular 26
palatal_neutral 27
neutral_palatal 18
neutral_neutral 23
Total
122

/i/
17
20
22
24
28
111

/u/
19
17
24
6
13
79

/a/
19
18
17
28
25
107

Total
83
81
90
76
89
419

3.3. Analysis

Vowel onset and offset were marked and a Praat
script was used to extract F1 and F2 values at seven
points over the duration of the vowel (5%, 10%, 25%,
50%, 75%, 90%, 95%) [3]. Given the small sample
size, we choose to use raw formant values and treat
each speaker separately. We provide a descriptive
analysis with confidence ellipses and intervals, but do
not provide a statistical analysis. Data analysis and
visualization was done using ggplot2 [7].

The other vowels are less distinct and fall in the midto-high front portion of the vowel space. Schwa (/ə/)
shows the greatest susceptibility to conditioning
effects: it shows drastic fronting in a palatal
environment, bringing it close to /i/, and lowering in
a uvular environment, bringing it close to /a/. While
overlap between /ə/ and /i/ was expected [6], previous
work does not report /ə/ being realized as low as [a].
It is worth noting that there is a considerable amount
of overlap between the vowels for each individual
speaker. This is particularly true of /ə/ and /a/, which
are shown to occupy a similar acoustic space in
Figure 1.

4. RESULTS
4.1. Midpoint Measurements (50% of Vowel Duration)

Vowel quality varies across environments. The
confidence ellipses in Figure 1 show where 95% of
measurements for midpoint F1 and F2 are predicted
to fall for each environment. This is divided by
speaker (e=EP, f=FL) and vowel. Midpoint is defined
as 50% of vowel duration.
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palatal environment, an adjacent uvular consonant
has a clear effect. For both speakers, F1 trajectories
for /i/ are higher beside a uvular, particularly at the
transitions (5% and 95%).
In both neutral and uvular environments, EP has
similar F1 values for /u/, while FL has higher and
categorically discrete F1 trajectories for /u/ next to
uvulars, highlighting a difference between speakers.
F1 values for /ə/ are higher at vowel onset after a
uvular and higher at offset when before a uvular for
both speakers. The trajectories show the anticipated
conditioning effect of the adjacent vowel on either
side, while the neutral trajectory is relatively stable.
However, the position of the consonant does make a
difference for /a/. Before a uvular consonant, offset
F1 values are higher. Trajectories for /a/ following a
uvular consonant are similar to those in the neutral
condition.

4.2. Vowel Trajectories

The vowel trajectories represent seven points over the
duration of the vowel with a 95% confidence interval.
In the palatal environment, the largest difference is
seen in F2. This is shown in Figure 2, where F1 and
F2 trajectories are plotted for palatal_neutral (before),
neutral_palatal (after), and neutral_neutral (neutral)
environments.
Figure 2 shows that the height of /i/ is comparable
across palatal and neutral conditions. The same is true
of /u/ for FL, though EP has lower F1 values in the
palatal environment. The position of the palatal
consonant does not make a difference.
Figure 2: F1/F2 trajectories in palatal (before and
after) and neutral environments (EP = e, FL = f)

Figure 3: F1/F2 trajectories in uvular (before and
after) and neutral environments (EP = e, FL = f)

At onset (5%), the height of /ə/ is similar across
conditions. For both speakers, F1 is lowest when a
palatal follows and this effect increases over the
duration of the vowel. In contrast, /a/ trajectories
differ by speaker. A following palatal is associated
with a decline in F1 over the duration of the vowel for
EP. For FL, the F1 of /a/ is lower following a palatal
consonant, but is otherwise comparable to other
conditions, particularly at vowel offset (95%).
High vowels are minimally affected by a palatal
consonant, with /i/ showing little difference between
environments. A preceding palatal results in a higher
F2 for /u/ at vowel onset, though a following palatal
does not make a substantial difference. In contrast,
the F2 trajectories of the other vowels are
substantially different. Both speakers have higher and
categorically discrete trajectories for /a/ and /ə/ in a
palatal environments. The /a/ and /ə/ F2 trajectories
for FL appear to be affected more by a preceding
palatal than a following one, while a palatal
consonant on either side of /a/ or /ə/ is associated with
higher F2 values for EP.
Figure 3 shows F1 and F2 trajectories for vowels
adjacent to a uvular consonant with a 95% confidence
interval. Though /i/ showed little difference in the

Figure 3 also shows that F2 trajectories in the uvular
and neutral conditions largely overlap, which
suggests that uvular consonants mostly affect height
and only have a minimal influence on frontness. The
exception to this is /u/, which does have considerably
lower F2 values in the uvular condition than the
neutral one for both speakers.
5. DISCUSSION
5.1. Effects of Palatal and Uvular Consonants

The predicted effects of palatal and uvular consonants
were found for each of the vowels and for both
speakers. Palatal consonants are associated with
higher and more front vowels, while uvular
consonants are associated with lower vowels.
Overall, palatal consonants have a greater influence
on F2 values. This was particularly true when the
vowel follows the palatal consonant.
Uvular consonants had a greater effect on F1,
particularly when the consonant followed the vowel.
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However, the height of /u/ varied by speaker in this
condition. EP showed no evidence of lowering, while
FL had categorically discrete trajectories. Of the
vowels, /ə/ exhibits the most variation. In both palatal
and uvular conditions, the trajectory was distinct from
the neutral condition.

orthographic decisions are made, they are then
implemented across all instances of a given
morpheme. For instance, the community decided to
represent the suffix in (3-4) consistently as -oθɛn.
This systematic spelling makes dictionary work more
efficient and assists learners in recognizing the same
morpheme across lexical items. The dictionary will
still include a range of documented (and equally
correct) pronunciations in the form of audio examples
from multiple speakers.
In contrast, conditioned effects associated with a
palatal or uvular consonant are predictable and can be
represented in the orthography if learners are taught
to recognize systematic patterns associated with
vowel quality. Acoustic data can be used to
demonstrate how pronunciation and orthography
relate to underlying vowels.
From a linguistic perspective, this work is also
useful for understanding ʔayʔaǰuθəm grammar. For
example, an ablaut process marks plurality (e.g. ḱapat
‘to cut something/multiple things up’ from ḱəpt ‘to
cut’), but is sometimes hard to identify in spontaneous
speech. Knowing how the adjacent consonants can
affect vowel quality is a useful diagnostic for
identifying ablaut and similar morphological
processes that involve differences in vowel quality.
Understanding the systematic relationship between
underlying and surface forms is therefore beneficial
both for linguists and for adult language learners.

5.2. Implications for the Writing System

We conclude, based on acoustic evidence, that
variation in ʔayʔaǰuθəm vowel quality is largely
predictable; F1 and F2 values vary for each vowel at
different timepoints, consistent with previous
impressionistic descriptions of vowel quality in
palatal and uvular environments.
Exploring these effects using acoustic data has
been useful for differentiating the systematic
differences in surface vowel quality from less
predictable inter-speaker and intra-speaker variation.
The latter raises an issue because the writing system
privileges surface form: if speaker A says the words
in (3) and (4) with [ɛ] (orthographic ɛ) and speaker B
uses [ɪ] (orthographic ɩ), how should the morpheme
be written in the dictionary? Further, what should the
spelling be if speaker A produces [ɛ] in one repetition
and [ɪ] in another?
(3) məmt̓oθɛn ~ məmt̓oθɩn ‘to have food on face’
(4) ƛ̓aƛ̓ʔoθɛn ~ ƛ̓aƛ̓ʔoθɩn ‘to interpret’
The words in (3-4) each have the suffix /-uθin/
‘mouth’, which is variably realized with either [ɛ] or
[ɪ]. Though vowel quality is predictable adjacent to
palatal and uvular consonants (meaning that /a/ can
straightforwardly be written as ɛ next to a palatal
consonant), the variation between [ɛ] or [ɪ] in this
“elsewhere” condition is not systematic. When using
a surface-based orthography, this type of
unconditioned variation poses a problem when trying
to establish a constant spelling for the same
morpheme across different lexical items and
speakers.
Acoustic data has proven useful for explaining
how the vowels vary in predictable and unpredictable
ways. Vowel formants can be plotted for different
speakers and words, allowing members of
community to see visual representations of the vowel
space. The data in this paper were shown to members
of the dictionary team to explain the relationship
between the phonetic realization, underlying forms,
and orthographic representation. They then settled on
a single spelling for morphemes with variable
pronunciation, becoming more comfortable in
representing conditioned vowel changes consistently
(such as the palatal and uvular effects described in
this paper), and choosing a common representations
for unconditioned variation (such as that between [ɛ]
and [ɩ]) on a morpheme by morpheme basis. Once

6. CONCLUSION
We confirm that variation in vowel quality in
ʔayʔaǰuθəm is predictable. Systematic description
and illustration of the vowel space is not only crucial
for linguistic analysis, but is also important in
informing decisions about spelling in a communitydriven ʔayʔaǰuθəm dictionary project. Importantly,
we conclude that phonetic analysis provides
information that facilitates language revitalization
efforts.
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L1 and L2 speakers involves the vowel-glide (VG)
sequences /ej, ej’, ew, ew’/ (/j’, w’/ are glottalized
resonants). Similar discrepancies in diphthong
production across generations have been observed in
other indigenous minority languages e.g. in Māori
(New Zealand), which have been attributed to the
influence of English [7, 14]. This study is aimed at
delineating the particular areas where L1 and L2
speakers differ in terms of VG production, with the
goal of providing data for incorporation into
pedagogical material to assist learners in developing
more authentic pronunciations. Because the VG
sequences under consideration share a common
nucleus [e], we also investigated production of both
short /e/ and long /eː/, which are phonologically
distinct in Hul’q’umi’num’.
Note that, in this paper, we refer to [ej, ew] as VG
sequences rather than diphthongs. We do this based
on phonological properties not discussed in this
paper. Phonetically, Hul’q’umi’num’ VG sequences
may well be equivalent to what are considered
diphthongs in other languages.

ABSTRACT
This paper examines the acoustic properties of
Hul’q’umi’num’ vowel-glide sequences [ej, ew] as
well as short and long [e, eː], comparing
pronunciations of a single L1 Hul’q’umi’num’
speaker to those of a group of fifteen L2 speakers.
Generalized Additive Models (GAMs), which permit
statistical comparisons of non-linear data such as
transitional formant trajectories, were used in this
study to investigate dynamic changes in acoustic
qualities over time. From our results, we identify
three key areas within which the L1 speaker differs
from the L2 speakers: vowel duration, vowel and
glide articulatory target positions, and dynamics of
the intensity contour. This documentation work lays
the foundation for creating pedagogical resources
focused on teaching and learning pronunciation, as
part of ongoing, collaborative language revitalization
efforts.
Keywords: Hul’q’umi’num’; vowel-glide sequence;
diphthong; GAMs; language revitalization.

2. METHODS

1. INTRODUCTION

2.1. Speakers

Hul’q’umi’num’ territory extends along the Salish
Sea from Nanoose to Malahat on Vancouver Island
and neighbouring islands. Very few (approximately
40) L1 speakers remain, but there are over 200 fluent
L2 speakers and over 1,000 learners of all ages. Many
of these learners are currently at intermediate levels
of proficiency and ready to tackle the more complex
features of their language, including the details of
pronunciation.
To support language work within the community,
the Hul’q’umi’num’ Language Academy runs both
undergraduate and graduate programs through a
partnership between the Hul’q’umi’num’ Language
and Culture Collective and Simon Fraser University,
facilitated by Dr. Donna Gerdts. These programs
include Phonetics courses, which provide an ideal
setting to document pronunciation across a range of
speakers [2] and explore pedagogical approaches to
teaching and learning [4].
One aspect of pronunciation that Gerdts and the
elders she works with have noticed to differ between

Speakers included a single L1 speaker and a group of
fifteen adult L2 speakers. The L1 speaker is an elder,
linguist and teacher who is involved in all aspects of
Hul’q’umi’num’ language documentation and
revitalization, including supporting learners in their
pronunciation work. The L2 speakers are students in
the
Hul’q’umi’num’
Language
Academy’s
undergraduate program and are L1 speakers of
English, ranging in age from early 20s to 60+. They
have a range of backgrounds with respect to language
use, and varying levels of oral proficiency, from
beginner to intermediate. Because the L1 speaker is
female, only female L2 speakers were included in this
study, so as avoid the necessity to normalize formant
values across different-sex speakers.
2.2. Materials

Words containing [e, eː, ej, ew] were extracted from
recordings of a larger (30-item) word list, designed to
assess pronunciation challenges for Hul’q’umi’num’
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[10] for statistical testing and modelling. In order to
compare curvilinear formant and intensity
trajectories, generalized additive models GAMs [8, 9]
were implemented in R with the package itsadug [13].

learners. The word list did not contain any VG
sequences with plain glides so, in this preliminary
study, we made do with words containing /ej’, ew’/
sequences. Word-finally, Hul’q’umi’num’ glottalized
resonants (indicated by /’/) are generally pronounced
as modal-voiced resonants followed by a full glottal
stop; it was therefore easy to extract only the target
[ej, ew] sequences for analysis (see below). In total
four words, one per target sound/sequence, were
included in the study, as shown in Table 1.

3. RESULTS
The primary focus of this study concerns the VG
sequences [ej, ew]. Evidence that long [eː] has certain
diphthongal characteristics merit its additional
inclusion among these sequences. Results pertaining
to short [e] are less similar and only discussed where
especially relevant.

Table 1: Elicited words

Vowel
[e]
[eː]
[ej]
[ew]

Word
/leləm’/
/ʔeːn’θə/
/sqwəmej’/
/sqəl’ew’/

3.1 Duration

house
me
dog
beaver

A two-way ANOVA test of duration by vowel type
and speaker group (L1 vs. L2) revealed a significant
effect of vowel (p < 0.001), but no significant effect
for speaker group. Nonetheless, L2 speakers tended
to produce less extreme durations than L1 speakers:
in comparison to the L1 speaker, L2 speakers had
shorter [ej, ew, eː] and a slightly longer [e]. The
duration of [ej] is noteworthy across speakers: L1 [ej]
is shorter than both [eː] and [ew], only 17ms longer
than [e]; L2 [ej] has the shortest duration of all,
shorter even than monophthongal [e]. This leads to
[ej] exhibiting the largest difference in mean duration
between L1 and L2 (>20 ms) albeit within one
standard deviation.

2.3. Procedure

The procedure for eliciting tokens was as follows: the
L1 speaker sat with one L2 speaker at a time, in a
quiet room, and went over the full 30-word list in
sequence. For each word, the L1 speaker first read the
word, and the L2 speaker repeated it. Two repetitions
per word were recorded in the following sequence: L1
first repetition > L2 first repetition > L1 second
repetition > L2 second repetition. Recordings were
made in Audacity [1], using a Yeti USB microphone
in cardioid mode connected to an Apple iMac
computer, and saved as 48 kHz, 16-bit uncompressed
.wav files.

Table 2: Mean vowel durations (ms)

Vowel
[e]
[eː]
[ej]
[ew]

2.4. Acoustic analysis

Following the procedure outlined above, the L1 and
L2 datasets were each comprised of 2 repetitions x 15
sessions x 4 words = 120 tokens, yielding a grand
total of n=240 tokens for analysis. It should be noted
that, because the L1 tokens all came from a single
speaker, while the L2 tokens are aggregated from
fifteen distinct speakers, the statistical significance of
the results from this preliminary study should be
interpreted with caution.
Tokens of [e, eː, ej, ew] were manually segmented
and transcribed in Praat [6]. Following segmentation,
a Praat script [15] was utilized to extract acoustic
measurements of total duration, and discrete formant
measurements taken at 5% duration intervals
throughout the vowel or VG sequence. The script was
further modified to extract similar 5%-interval
measurements of spectral intensity, which was
included on the basis of impressions among elders
and teachers that the relative “weight” (or
prominence) of the vowel and glide was different in
L1 and L2 speakers. Acoustic data was exported to R

L1 duration (s.d.)
160.8 (15.3)
202.9 (28.4)
177.3 (21)
202.2 (28.5)

L2 duration (s.d.)
163.2 (39.1)
197.9 (45.4)
153.5 (34.5)
188.3 (28)

3.2. Formant trajectories

We conducted statistical comparisons of F1 and F2
formant trajectories in GAMs. As is standard in
GAMs analysis, we used time-normalized durations.
For each token, 20 discrete per-formant
measurements were taken at 5% intervals, allowing
us to monitor variation between speaker groups
across the entire trajectory of the vowel in high
resolution. GAMs comparisons calculate “smooths”
representing the mean formant trajectory, plotted as a
solid line, accompanied by shaded regions
representing confidence intervals associated with the
distribution of formant values across the tokens
comprising the dataset under consideration. Where
the confidence intervals for the two conditions—in
this case, L1 vs. L2—do not overlap, this indicates a
statistically significant difference at that position. The
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Figure 2: GAMs comparisons: formants of [ew].
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Figure 3: GAMs comparisons: formants of [eː].
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Figure 1: GAMs comparisons: formants of [ej].
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GAMs comparisons of intensity trajectories were
conducted following the method described for
formant trajectories, with per-group intensity values
normalized to the global mean. Again, there were no
compelling differences between groups with regard to
short [e].
The general trend is for intensity to drop off sooner
for L2 vs. L1, across both VG sequences as well as
(minimally) [eː]. Interestingly, both [ew] and [eː]
seem to have two intensity peaks for L1, one prior to
50% duration and one after 75%, suggesting two
relatively distinct components of the sound
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formant comparisons for the VG sequences [ej, ew]
as well as long [eː] are presented in Figures 1 through
3 below; the short [e] GAMs comparison did not
present compelling differences between groups and
so are not presented.
Overall, articulatory targets in VG sequences are
closer together for L2 vs. L1, especially with respect
to height (F1). This results in less steep transitions
between the vowel and the glide targets for L2. In
terms of height, F1 generally starts at a similar level
for L2 as L1, but does not descend as far for the glide.
Thus, L2 glides [j] and [w] are more similar in height
to that of nucleus [e], in comparison with L1. In terms
of backness, F2 of L2 differs most substantially from
L1 during the nucleus, being consistently lower
(retracted articulation), but reaching the same F2
target for the glide as L1 by 100% of duration, for
both vowel-glide sequences.
Interestingly, the L1 pronunciation of [eː] is
relatively diphthongized (see Figure 3), across both
formants, with two distinct targets. Viewing this
vowel in parallel with the VG sequences, in terms of
F1 the differences between the L1 and L2 are similar
for [eː] as they are for [ej] and [ew]; L2 trajectories
are relatively flat in terms of height, i.e., not as
diphthongal as L1. In terms of F2, the pattern for [eː]
differs from the VG sequences in that F2 of L2 starts
at roughly the same nuclear position as L1, and
afterwards the two trajectories move in different
directions; F2 of L1 rises (more front articulation),
while for L2 it lowers (retracts).
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speakers also exhibit a mismatch with L1 in terms of
the glide front-back position. Finally, in terms of
acoustic intensity, L2 speakers exhibit a fairly close
match with L1 production, especially for [ew] and [eː]
which exhibit a “two-peak” intensity contour,
although for all vowels their final intensity drop-off
tends to occur slightly earlier than L1.
In summary, our measurements show that,
compared to the L1 speaker, L2 speakers produce VG
sequences that tend to be less transitional, shorter, and
with earlier drop-offs in intensity; in short, L2
productions are more reduced. While this pattern is
relatively clear and consistent across acoustic
parameters, the explanation is less certain. It could be
that L2 speakers are hypo-articulating, perhaps under
the influence of English. Conversely, it could be that
the L1 speaker is hyper-articulating in this particular
task and/or teaching context [11, 12]. To assess these
competing explanations, a more thorough
understanding is needed of (a) VG sequences in the
local variety of English (as a possible influence for L2
speakers in particular) and (b) Hul’q’umi’num’ VG
sequences in other, more naturalistic speech contexts.
From this preliminary study, it is not entirely clear
how Hul’q’umi’num’ [ej] and [eː] are best described,
independently and in relation to one another. [ej] has
a shorter duration and a simpler intensity curve than
both [ew] and [eː], implying that it may not be a twosound sequence in the same way as [ew]. Conversely,
[eː] has a similar duration and intensity contour as
[ew] and a similar a degree of formant transitionality
as [ej], implying that it may be closer to a two-sound
sequence than [ej]. Thinking about possible English
influence (through L2 learning and/or language
contact), it is possible that the line is blurred in
Hul’q’umi’num’ between [ej] and [eː] because both
correspond to English /e/. More comprehensive
research is needed to understand how /e, eː, ej, ej’, ew,
ew’/ should be characterized in relation to one
another, including production and perception studies
of these sounds/sequences in more controlled
environments and across a broader range of speakers.
The documentation work we have done here is a
first step in understanding one particular instantiation
of phonetic variation, and providing the foundation
for deciding whether and how to approach this
variation—and variation more broadly—in teaching
the language. Other aspects of pronunciation we are
currently exploring include single segments (e.g. [kw,
kw’, qw, qw’]), clusters (e.g. [stθ’kw] in /stθ’kwəʔiws/
‘left hand’), and word-level and sentence level
stress/intonation. The ultimate goal is to combine our
expertise as phoneticians, Hul’q’umi’num’ linguists,
and teachers, to create resources that support learners
to meet their goal of achieving authentic
Hul’q’umi’num’ pronunciation [3, 5].

(sequence). In contrast, [ej] does not exhibit an
obvious “two-peak” intensity curve for the L1
speaker. It is notable that the L2 speakers appear to
be replicating the two-peak pattern fairly closely, for
both [ew] and [eː], albeit with the earlier intensity
drop-off previously mentioned.

72
68

L1
L2

64

Intensity (dB)

Figure 4: GAMs comparison: intensity of [ej].
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Figure 5: GAMs comparison: intensity of [ew].
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4. DISCUSSION
Our analysis indicates that certain acoustic features of
Hul’q’umi’num’ VG sequences are quite similar
between L1 and L2 speakers, while others are more
distinct. In terms of duration, L2 relative vowel-tovowel durations are similar to L1, but their mean pervowel durations are briefer than L1, most
substantially for [ej]. In terms of formant trajectories,
L2 VG sequences are less transitional than L1: they
are more retracted during the nucleus (F1) and raise
less during the glide (F2). For diphthong-like [eː], in
addition to producing a more stable vowel, L2

987

[8] Hastie, T., Tibshirani, R. 1987. Generalized Additive
Models: Some Applications. Journal of the American
Statistical Association, 82(398), 371–386.
[9] Hastie, T.J., Tibshirani, R.J. 1990. Generalized
Additive Models. New York: Chapman and Hall.
[10] R Core Team. 2018. R: A language and environment
for statistical computing. Vienna: R Foundation for
Statistical Computing. http://www.R-project.org/
[11] Saito, K., van Poeteren, K. 2012. Pronunciationspecific adjustment strategies for intelligibility in L2
teacher talk: results and implications of a questionnaire
study. Language Awareness, 21(4), 369–385.
[12] Uther, M., Knoll, M.A., Burnham, D. 2006. Do you
speak E-N-G-L-I-S-H? A comparison of foreigner- and
infant-directed speech. Speech Communication, 49, 2–
7.
[13] van Rij, J., Wieling, M., Baayen, R., van Rijn, H.
2016. itsadug: Interpreting Time Series and
Autocorrelated Data Using GAMMs (Version 2.2).
[14] Watson, C.I., MacLagan, M.A., King, J., Harlow, R.,
Keegan, P.J. 2016. Sound change in Maori and the
influence of New Zealand English. JIPA, 46(2), 185–
218.
[15] Xu, Y. 2015. FormantPro.praat (Version 1.4).
http://www.phon.ucl.ac.uk/home/yi/FormantPro/

5. REFERENCES
[1] Audacity Team. 2018. Audacity(R): Free Audio Editor
and
Recorder
(Version
2.3.0).
https://www.audacityteam.org/
[2] Bird, S., Gerdts, D., Leonard, J. 2016. The realization
of obstruents across speakers of Hul’q’umi’num’.
Canadian Acoustics, 44(4), 134-135.
[3] Bird, S., Kell, S. 2017. The role of pronunciation in
SENĆOŦEN language revitalization. Canadian Modern
Language Review 73 (4), 538-569.
[4] Bird, S., Luschiimtunaat Charlie, S., Claxton, R.A., Shwutstus George, H., Percival, M., Sq’utxulenuhw
Seymour, G. 2019. Seeing speech: Teaching and
learning Hul’q’umi’num’ pronunciation with Praat.
ICLDC 6 Honolulu.
[5] Bird, S., Miyashita, M. 2019. Teaching phonetics in the
context of language revitalization. Proc. of the 2nd
International Symposium on Applied Phonetics, 39–44.
[6] Boersma, P., Weenink, D. 2018. Praat: doing phonetics
by computer (Version 6.0.43). http://www.praat.org/
[7] Harlow, R., Keegan, P., King, J., Maclagan, M.,
Watson, C. 2009. The changing sound of the Māori
language. In Stanford, J.N., Preston, D.R. (eds.),
Variation in Indigenous Minority Languages.
Amsterdam/Philadelphia: John Benjamins, 129–152.
*

This project and the larger research program which it is
part of would not be possible without the enthusiastic
engagement of the Hul’q’umi’num’ Language Academy

students, the Hul’q’umi’num’ Elders, our hosts at the
Hul’q’umi’num’ Language and Culture Collective, and Dr.
Donna Gerdts. Huy tseep q’a sii’em’!

988

THE DYNAMICS OF CLOSING DIPHTHONG FORMANT
TRAJECTORIES IN TE REO MĀORI
Hywel M. Stoakes1 , Catherine I. Watson1 , Peter J. Keegan1 , Margaret A. Maclagan2 , Jeanette King2
and Ray Harlow3
1

University of Auckland, 2 University of Canterbury, 3 University of Waikato, Aotearoa/New Zealand

{h.stoakes;c.watson;p.keegan}@auckland.ac.nz,{margaret.maclagan;j.king}@canterbury.ac.nz,ray.harlow@waikato.ac.nz

tury. This has been explored in great depth in recent
years by the MAONZE research team [18, 11]. However, there are still some unanswered questions, particularly concerning the dynamic properties of diphthongs.
Vowels in te reo Māori have a lexical length alternation and generally carry a large phonological load
due to the relatively small consonant inventory. Every combination of two vowels can be adjacent and
some scholars consider long vowels to be sequences
of like segments or geminated vowels (see [3]). Consequently there is the opportunity for extreme coarticulation, although there are many environments,
particularly when spanning word boundaries, when
vowels are observed as articulated separately possibly to maintain intelligibility. Insertion of glides,
in close vowel followed by open vowel sequences,
are prevalent in contemporary speech. Devoicing
by glottalisation is found at the ends of short utterances although glottal stops at utterance boundaries
are rare. Initial and medial stops are voiceless with a
long duration but very short or coincident voice onset times (VOT). Voice onset time has been getting
progressively longer diachronically, however [14],
and greater levels of aspiration are evident in word
initial environments, which is thought to be directly
due to contact and interaction with New Zealand English. These changes in interarticulator timing have
likely affected the rhythmic and metrical organisation of the language and will be investigated more
fully in future work.

ABSTRACT
Te reo Māori, an Eastern Polynesian language,
is one of the official languages of Aotearoa/New
Zealand and is spoken by approximately 148,400
people, 84.5% of whom identify as Māori. Two pairs
of closing diphthongs are usually described as merging phonetically in the speech of modern language
speakers. Some diphthong pairs can be confused
for second language learners, although they occur in
grammatically and semantically distinct words. The
current study examines recordings of 18 elder speakers (9M, 9F) of te reo Māori, collected as part of
the MAONZE project, an ongoing investigation of
sound change within the language. The aim is to describe these diphthongs in terms of trajectory, duration and overall prominence, using measurements
of averaged trajectories of formants (F1 and F2) and
duration. Results show that there are differences in
duration as well as the formant trajectories within
diphthong pairs /ai/, /ae/ and /au/, /ou/, suggesting
contrasts beyond formant dynamics.
Keywords: diphthongs, dynamics, te reo Māori
language, Polynesian languages, Aotearoa/New
Zealand
1. INTRODUCTION
Te reo Māori, one of the national languages of
Aotearoa/New Zealand, is a member of the Eastern
Polynesian language branch of the large Austronesian language family [6]. The segmental phonology is regular with a small consonant inventory typical for the branch (see [1] and [6]). Present day
elder Speakers of te reo are pivotal in the revitalisation movement [10, 17]. These elder speakers
are very fluent adult speakers of the language, although due to the extended period of colonial contact and historical break in language transmission
[9, 2], there have been significant influences from
New Zealand English evident in the phonetics of
these speakers [7, 8, 18]. In terms of vowels there
has been gradual change over time and this was already in progress from the early part of the last cen-

1.1. Diphthongs in te reo Māori

Custodians of the language as well as te reo Māori
teachers usually describe falling diphthongs (close
to open) as articulated with each vowel pronounced
separately. The raising diphthongs (open to close)
are instead blended (or diphthongal) [1]. This study
builds on two earlier papers examining diphthong articulation in te reo Māori. Our focus is on the articulation of the two pairs of raising diphthongs in the
language, drawing on previous work to inform our
study. Watson et al. [18] investigated first and second formant values extracted at the first and second
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target of /ai ae au ou/. They found when comparing
the speech of present day elders and young te reo
speakers that /ai/ and /ae/ were distinguished on the
basis of F1 for the first target. In addition, the present
day elders and young men also contrasted the two
diphthongs at the second target, however the young
women speakers did not. With regard to the second
pair /au/ and /ou/, these were only distinguished at
F1 for the first target by the both the present day
elder and young speaker groups. This merger was
suggested to be quite advanced, and influenced by
the fronting of /u/ and /uː/ in the monophthongs [18].
Diphthong trajectories of these four diphthongs were
investigated in [12] for the male speakers of the
MAONZE corpus. Visual inspection of the trajectories suggested the major changes over time were
in F2 for all the diphthongs. The observations made
were consistent with the statistically significant findings from the static target analysis in [18]. Whilst
these findings were illuminating, the analyses were
incomplete as the investigation of the diphthong trajectories only included male speakers, but the results
from [18] suggested there may be additional gender
differences. Further limitations were, that [18] and
[12] did not control for the phonetic environment of
the initial consonant which may be a factor influencing the realisation of the contours.

2.1. Speakers and corpus

The study uses real words drawn from approximately 20 hours of recordings which predominantly
consists of connected speech, both conversation and
monologue narrative. This in turn derives from a
subset of the entire MAONZE corpus. Eighteen fluent speakers, nine men and nine women, of te reo
Māori were recorded and their speech automatically
segmented and labelled (see below). Conversations,
narrative and controlled reading lists and also short
reading passages (< 3mins) were included. This
analysis selects a limited set of monosyllabic words
uttered within the connected speech. One set of
monosyllables that have glottal fricatives in initial
position and one set with a voiceless unaspirated bilabial stop initial were extracted. All words were spoken in various positions within the utterance and the
only prosodic control was that they were identified
as containing full vowels, not undergoing reduction.
Due to the spontaneous nature of the speech data,
the counts of each word are not equal, with pai overrepresented within the corpus (see table 1). Only durations less than 350ms are included in the analysis
to remove outliers with extreme lengthening when a
word was uttered in isolation within its own phrase
(N = 798).
Table 1: Words included in the study, with counts

2. AIMS AND METHOD

Word
pai
pae
pau
pou
hai
hae
hau
hou

The aim of this study is to examine the phonetic
differences between two sets of diphthong pairs using a dynamic acoustic analysis. This allows us to
explore whether there is evidence of acoustic mergers between the two diphthong pairs in terms of formant trajectory or measured duration. The speech
and language data used in this study have been drawn
from the MAONZE corpus, a large-scale project
looking at sound change in the language [11]. This
corpus contains many hours of phonetic and higher
linguistic annotation which have been constructed
over a period of more than 15 years. With recent
rapid advances in forced alignment techniques and
machine-based speech-to-text annotation systems, it
is now possible to use the utterance level transcriptions to annotate larger portions of the corpus in further phonetic detail. For the current study we have
chosen a small subset of the main corpus which contains speech from elder speakers of te reo Māori born
between 1920 and 1944. This research would not
have been possible without the close links between
researchers and language community members and
the continued support of iwi (tribe, extended kinship
group).

Diph.
/ai/
/ae/
/au/
/ou/
/ai/
/ae/
/au/
/ou/

Gloss
(verb) like, approve
(noun) horizon, perch
(verb) exhausted
(verb/noun) to erect/post
(particle) at, in, with
(verb) (-a) to scratch
(noun) wind, vital essence
(modifier) new, recent

N
483
45
57
15
28
12
74
88

2.2. Analysis and statistics

Speech data were first prepared for forced alignment using Kaldi [16] and a set of scripts developed as part of the ELPIS project [5]. This facilitated the production of a phonetic dictionary used
in the subsequent forced aligning of the data within
the Montreal Forced Aligner (v. 1.0) [15]. The
forced aligned data builds on the existing analyses
by allowing consonant environment to be queried.
After alignment, all boundaries in the target words
were manually checked for accuracy. The speech
data are field recordings of spontaneous speech and
conversation that captured the resonant characteristics of the room which was not ideal for analyses
of voiceless segments. In general, the right edges
of segments were well placed by the forced align-

990

ment algorithm, with consonant to vowel boundaries consistently and accurately segmented. The
left edge of consonants were consistently temporally
misaligned, however with post-closure activity in the
frequency spectrum associated with the vowel rather
than the preceding consonant.
The forced aligned data were outputed as Praat
TextGrids which were then compiled into an Emu
Speech Database [20]. Formants trajectories were
calculated in R using the forest function (gender specified, all else with default values), within
the wrassp package [4]. Second formant (F2)
values were corrected when obviously mistracked.
These were usually cases when there a formant was
misidentified as either F3 or F1. The first formant
(F1) was corrected and interpolated only when there
were zero values present, otherwise these formants
were left uncorrected.
All plots were made using ggplot2 [19] and error
bars are calculated and plotted using a Generalized
Additive Model (GAM) analysis using the formula
y ∼ s(x, bs = ‘cs′ ) within the ‘bam’ function, a part
of the mgcv package [21]. Statistics were calculated
using the lmer function in the lmerTest package
and using the step function [13].

Figure 1: F1 and F2 trajectories for diphthongs
/ae/, /ai/, /au/, /ou/: Female Elders

3. RESULTS
Within this sample of present day elder speakers
of te reo Māori, there are clear differences between
the diphthong pairs. Although, sequence differentiation is not made in the formant space alone. In the
/ae/ and /ai/ pairs there are observed durational differences between the diphthong pairs, with the /ai/
and /au/ shorter in duration than /ae/ and /ou/ (see
figures 2 and fig 4).

Figure 2: Durations for diphthongs /ae/, /ai/, /au/,
/ou/: Female Elders

regression model, a main effect of diphthong duration is statistically significant across all diphthongs
(χ2 (3, N = 798) = 148.83, p < .001), calculated
using a post hoc Satterthwaite approximation.

3.1. Formant trajectories over time

The results from the formant trajectory analysis
show that when normalised over time the trajectory
shapes for both men and women in the /ae/ and /ai/
pair are similar (see fig. 1 and fig. 3), although
there is greater variation within the sample for the
/ae/ diphthongs for both shown by the grey ribbon
on the plot. Within the /au/ /ou/ pair, the F2 is relatively static across the entire trajectory for the female
speakers, there is greater formant movement for the
male speakers.
The duration measurements show that for each
diphthong pair there is a durationally short member of the set and a durationally long member (see
fig. 2 and fig 4). All diphthongs show a statistical difference when speaker is included as a random
intercept in the model, however. Statistical analysis of the durations show that when speaker is included as a random intercept in a linear mixed effects

Figure 3: F1 and F2 trajectories for diphthongs
/ae/, /ai/, /au/, /ou/: Male Elders
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considerably lower than /ai/ for the men, as shown in
Figure 5. The durational findings in this analysis are
also interesting, as it suggests that within the pairs
there are articulatory differences. It seems unusual
that /ai/ is shorter than /ae/ despite the fact it traverses
a greater proportion of the vowel space. Similar observations can be made for /ou/ and /au/. To fully interpret the variability within the sample will require
further investigation, however. The diphthong trajectories show the region of the vowel space through
which the diphthongs travel although this gives no
explicit information regarding proportion of time a
vowel is held at the extrema of the diphthong or the
absolute transition speed between first and second
target. This is one disadvantage of statistical techniques such as GAMMS that time-normalise across
the entire sequence of interest. A registration landmark such as first target, indicated by a steady F1 and
F2 values, or the turning point values of F2 may fully
capture the phonetic contrasts observed between the
phone sequences contrasted in this study. Importantly, the duration differences may be primarily lexical, as each of words in the pairs belong to different
grammatical categories. This also means that as this
sample is drawn from uncontrolled conversational
speech, each word will occur syntactically at different positions within the phrase (see Table 1). Further investigation into the other diphthongs in te reo
Māori and a wider variety of lexical items, as well as
control for phrase position is needed in order to form
a full representation of diphthong articulation within
the language.

Figure 4: Vowel Duration for diphthongs /ae/, /ai/,
/au/, /ou/: Male Elders
3.2. Formants in articulatory space

When plotted within F1 and F2 articulatory space
we can see that there is a clear separation between
/ae/ and /ai/ and to a lesser extent /au/ and /ou/ (see
Fig. 5). Over time there has been considerable
fronting of the /u/ phoneme which is phonetically realised as a close, central, rounded vowel [ʉ]. The
/a/ vowel is open and central [ɐ] and the /i/ vowel is
close, front and unrounded, [i].

4.1. Conclusion

The current study has contributed to our understanding of the dynamic articulation in raising
diphthongs and when considered with findings of
the MAONZE project [12, 18], gives insight into
language community reports regarding diphthong
mergers. Furthermore, it shows that formant trajectory analysis alone is not sufficient to fully describe
the difference between these pairs. The rate at which
the formants move across the vowel space may also
provides a phonetic cue to the difference in each pair.
Further analysis will involve increasing the number
of vowel tokens including a greater variety of phonetic contexts andcontrolling for position of the target word within the intonational phrase.

Figure 5: F1 and F2 Trajectories for Male Elders

4. DISCUSSION
The formant findings in this study are consistent
with previous observations reported in [12] and [18].
The study finds greater variability of the F2 trajectory of /ae/ when compared to /ai/. This may
contribute to the perception that /ae/ and /ai/ have
merged for modern listeners of the language, although the second target of /ae/ and the overall F1 are
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research output is consigned to academic publication.
The ABAIR initiative illustrates ways in which
laboratory-based phonetic and speech research can
be leveraged for language maintenance. A key element is that the research is carried out in such a way
that the outputs are usable for speech technology
development. This entails focussing at times on
developing resources that are not typically on the
phonetics menu. The ABAIR cluster of projects
evolved in stages, from (i) laboratory-based development of resources for the dialects of Irish to (ii)
exploitation of these resources in an Irish-language
synthesiser. This led to (iii) a flowering of projects
that deploy the resources, knowledge and technology
for applications that target specific needs of the language communities. These three strands continue in
parallel, providing a fusion of basic and applied
research that is yielding very different kinds of
research outputs.
The scope and aims of ABAIR developed organically – prompted in large part by the increasing
involvement of, and sometimes, the urgent demands
of the Irish-speaking community. Community
involvement strengthens the research, bringing it out
from academia to a place where it is used in ways
that contribute to language revitalisation and
maintenance. While every endangered language has
its unique context, the challenges faced are common.
In sharing experience, expertise and tools the hope is
that these can benefit other communities whose languages are facing extinction.

ABSTRACT
The ABAIR initiative illustrates how phonetic
research can drive innovative applications that provide endangered-language communities with powerful tools and resources for language maintenance
and revitalisation. ABAIR encompasses a cluster of
Irish-language projects with parallel basic and
applied research strands. These reflect its evolution
from (i) developing phonetic/speech resources to (ii)
building technologies (to date, TTS) that use these
resources, and to (iii) implementing applications that
exploit both resources and technologies to meet
urgent needs of the language communities. A key
feature is the ongoing collaboration with the language communities. Rather than passive recipients
of resources (developed for commercial purposes),
they actively help in setting research priorities,
assisting the design, testing and dissemination of
outputs, and increasingly, in the collection/curation
of data. The paper describes two specific areas, education and access – both pillars of language maintenance – where phonetic resources and applications
are impacting.
Keywords: Irish, phonetic resources, speech technology, access, education
1. INTRODUCTION
The unprecedented rate with which languages are
being lost mirrors other catastrophic ecological losses of our era. Our languages are our greatest cultural
artefact. They are also the receptacle of so much of
our cultural inheritance: our songs, poetry, stories,
literature, oral and/or written, the accumulation of
wisdom and creative vision of preceding generations, which are lost with the language.
Phoneticians, through their documentation of the
sound systems of the world’s languages, through the
provision of writing systems where such didn’t exist
etc., contribute in a variety of ways to the validation
and maintenance of endangered languages. Typically, however, the language community tends to be the
passive partner in this endeavour, and much of the

2. CHALLENGES FOR LANGUAGE
COMMUNITIES
Irish, a Celtic language, deemed ‘definitely endangered’ in UNESCO’s atlas [1], is spoken in the
Gaeltacht – small, Irish-speaking communities
located mostly in the West of Ireland. The Gaeltacht
communities are losing ground: it is estimated that
even here, less than 25% of the population uses Irish
on a day-to-day basis, and virtually all of these are
bilingual. For an endangered language, Irish is rather
unusual in being recognised as a national language,
(since 2007, an official language of the EU), and it is
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outline the three strands of ABAIR’s research, illustrating how they individually and cumulatively help
to alleviate some of these difficulties and contribute
to language revitalisation.

a compulsory school subject in Ireland. While this
official status is important, the optics can be misleading: there are increasingly stark indicators of the
decline of Irish in the Gaeltacht, and its transmission
and future viability as a community language is in
doubt. Many consider its survival to depend crucially on effective teaching, but sadly, the outcomes of
Irish language education are often poor.
Among many factors contributing to the decline,
two are often cited. The overwhelming influence of
modern communication and speech technology,
dominated by English, is seen by many as a major
influence - particularly in the linguistic shift of
young Gaeltacht speakers – by excluding Irish from
what is now a central dimension of modern living.
The other factor, Irish language education, is seen as
falling short, both for Gaeltacht native-speakers and
second-language learners. Complaints focus on
dated methods and lacklustre materials which
compare badly with those for other languages.
Linguistic factors present specific educational
challenges. As in many minority languages, there is
no spoken standard, but rather the three main dialects of Donegal, Connemara and Kerry, with further
sub-dialects. These differ considerably in pronunciation, lexicon, prosody etc. (A written standard,
which draws on different dialects [2] does not represent the speech of any given language community.)
For native-speakers, there are few dialectappropriate educational materials.
For non-native learners outside the Gaeltacht pronunciation is particularly problematic. The sound
system of Irish contrasts palatalised and velarised
consonants [3] – a fact generally not appreciated by
learners or, often, their teachers. The mapping of
sound-to-orthography is complex: as the Roman
alphabet does not provide for the consonantal distinction, complex sequences of vowels are used,
some of which indicate the quality of the adjacent
consonant, some of which signal the quality of the
nuclear target. The widespread lack of understanding
of the basic sound system inevitably impacts also on
literacy acquisition, as neither teachers nor learners
tend to link the spelling rules of Irish to the underlying consonantal contrast, and learners must master
the complex spelling without grasping its phonic
basis. The fact that these same learners are English
speaking and being trained on the “English” alphabet and phonics amplifies the problem. Where learners experience difficulties with Irish literacy acquisition, the only assessment and remediation tools are
based on English – entirely unsuited to Irish. Nonnative learners typically lack access to nativespeaker models of the language. Homework can be
problematic if learners and their parents don’t know
how text is pronounced. In the following sections we

3. PHONETIC AND SPEECH RESOURCES
The initial aim was to develop phonetic and speech
resources for Irish, in such a way as to provide the
components necessary to text-to-speech (TTS) synthesis. Given the lack of a single spoken standard, a
multi-dialect effort was deemed essential. Initial
efforts focussed on the northern dialect of Donegal,
and to facilitate extension to further dialects, a modular approach was adopted, where common and dialect specific components were identified.
Corpora: extensive recordings of a single speaker,
using authentic dialect materials were needed to provide coverage of all sounds in all phonetic contexts.
More compact Corpas Beag corpora that meet the
requirement of coverage are now being perfected for
the individual dialects. Beyond their use in TTS,
these phonetically annotated corpora are providing
rich databases for cross-dialect research.
Letter-to-sound rules: hand written letter-to-sound
rules were developed for Donegal Irish and later
adapted for other dialects. These rules are being
exploited in educational applications (see below).
Pronunciation lexica: these provide for forms not
predictable from the letter-to-sound rules. These are
essential (with the letter-to-sound rules) for developing dialect specific applications.
Intonation modelling: there were virtually no available descriptions of Irish prosody. This necessitated
considerable research, and large divergences among
the dialects emerged [4-7]. It is planned to exploit
these models in educational applications.
4. FROM RESOURCES TO TECHNOLOGY
These components allowed the building of the first
text-to-speech system. A beta version, put on a website (www.abair.ie) for testing among colleagues
attracted an unexpected flurry of emails from around
the globe. These expressed relief at finally having a
resource that allowed access to how Irish (text)
should be pronounced. This was an intimation of
things to come: from here the language community
has led the way in demonstrating how such
resources may help them and what they most urgently needed. It also revealed an unexpected online
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global community, in itself a source of support for
the language.
Synthetic voices – using both unit selection and
HTS methodologies – are now available at
www.abair.ie for the three main dialects of Donegal,
Connemara and Kerry. A current goal is to extend
the synthesis to the more endangered dialects. A
synthesiser is a virtual native-speaker: having one
not only serves to ‘preserve’ the dialect, but support
the local community in their efforts to maintain it.

5.2. Education

Educational applications are being developed – and
this is an area where all strands of our research come
together. Phonetic knowledge and resources are
being presented, using technology as the vehicle – as
illustrated here by some ongoing developments.
Pronunciation and phonological awareness: A
multimodal interactive game is being developed to
train pre-literacy phonological awareness and pronunciation skills [10]. Learners train in the sound
contrasts of the language through minimal pairs
embedded in a game that can be played in the classroom or at home. The heroine of the game has the
task of rescuing her brother from the fairy fort (a
common folk theme). Numerous obstacles are
encountered, but a friendly druid provides magic
words and spells (minimal pairs and phrases featuring them). By correctly identifying and pronouncing
these object-pairs, particular obstacles are overcome,
allowing the heroine to proceed to the next level (the
next obstacle). In its current form, the game is
intended for classroom use, but the plan is to provide
a phone/tablet version also for home use. A simpler
phone app game is also under development, with
less elaborate storylines and graphics, and featuring
songs to consolidate the sound contrasts. These will
be trialled in schools this autumn.

5. COMMUNITY DIRECTED APPLICATIONS
The online provision of the synthetic voices was a
catalyst for collaborative projects to develop specific
applications, responding to community requests.
5.1. Access

The ABAIR webpage [8] was used as a vehicle to
give the public access to other resources, such as the
phonetiser, which outputs the phonetic transcription
of input text. The resources and applications currently under development will also be shared in this
way. Public use of the synthesis facility is facilitated
by a downloadable application which enables any
online text to be read out. This provides nativespeech output (with appropriate dialect) when reading dictionary entries, webpages, emails, etc. A
mobile phone app version also provides speech output (to date available for a single dialect).
Long before the first synthetic voice was built, a
short news piece about this research brought urgent
appeals from parents of visually impaired children.
Without synthesis, the education of Gaeltacht children is compromised, and outside the Gaeltacht, visually impaired children were largely excluded from
Irish language education. Provision of a screenreader thus became a priority. Collaboration with the
National Council for the Blind of Ireland, enabled a
blind researcher to work with us to implement Irish
synthesis in the open-source NVDA screen reader
[8]. This application can now be downloaded from
the abair.ie site. It provides a choice of dialects and
simultaneous Braille output. The user choses the
dialect and controls the speed (very high speeds are
needed for browsing). The system was tested extensively in collaboration with teachers of the visually
impaired nationwide [9].
A further collaboration, with ChildVision Ireland,
entailed the production of DaisyBooks – speechsynthesis-enabled multimedia school books for the
visually impaired. These allow magnification and
highlighting of the text as it is read out, and user
control over dialect and speed of output. In this
work, volunteer assistance contributed greatly.

From Pronunciation to Literacy Acquisition: As
mentioned above, most learners and teachers are not
aware of the phonic basis for the orthographic rules
of Irish, and the seemingly impenetrable nature of
Irish spelling is seen as a major difficulty. As a follow-up on the phonological awareness game, an
Irish alphabet game is being planned, where attention is subliminally drawn to the palatalisationvelarisation contrast and spelling rules. The colour
and shape of consonant and vowel letters as well as
musical cues identify the link of say, palatalised
consonants and ‘permitted’ accompanying vowels.
Speech based Writing/Reading Application: An
Scéalaí (The Storyteller) is an application currently
being developed that will enable the spoken language to remain central to the development of ancillary language skills of reading and writing, spelling
[11, 12]. This specifically targets the problem mentioned earlier that non-native learners have little
exposure to native speaker models. One problem
arising from this and the rather opaque writing system of Irish is that learners (or often parents, helping
with homework) do not know how text should be
pronounced. An Scéalaí is a web-based application
which invites the learner to write text which is then
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– agree/agree strongly – for “the synthesised voices
were sufficiently clear to make the speech intelligible”. Similar results were found for naturalness ratings [14]. These voices are increasingly also being
sought for deployment in educational applications,
such as Duolingo.
This ABAIR webpage also provides specific
resources, as well as information on ongoing work,
and explanations on how, for example, synthesis
works. In the future, this page will include academic
articles, and other research outputs. Educationoriented application, once sufficiently tested and
robust, will be hosted on a linked educational
webpage CabairE. The goal is to also to supply the
tools that will allow teachers and other interested
parties to develop materials, content and applications
that can in turn be hosted on that site. Such a partnership will leverage the talent and experience of
teachers and others interested in the teaching of the
language, generating over time a virtual languagelearning resource centre.
The partnership with the Irish speaking community has evolved, and specific interventions from
groups and individuals continue to shape the direction of research. Collaboration is essential in all
aspects of the work, including the design, testing and
dissemination of applications. Looking to the future,
a yet greater level of partnership is envisaged. For
example, we are embarking on recognition and dialogue systems, which will require very large quantities of data to be collected and curated. We hope that
our direct links with the community, along with
online data collection methods (currently being perfected) will facilitate this endeavour. Ultimately, we
would also hope to see joint educational programmes, in partnership with community-based
organisations in the Gaeltacht, so that the researchers of tomorrow are drawn from and contributing to
that pool.
A guiding principle in the present work is that the
research outputs and applications be made freely
available to the language communities who can benefit from them. As a corollary, the hope is to share
expertise, experience and resources with other
endangered-language communities, assisting them in
their struggle to maintain their linguistic heritage.

spoken by one of the ABAIR voices (with the choice
of dialect up to the learner/teacher). Learners are
initially invited to listen out for errors – as these are
often more readily ‘spotted’ by ear – and correct
their own text. In a subsequent step, the application
prompts specific corrections (e.g., by colouring
letters where a spelling ‘rule’ has been missed, such
as the one corresponding to the palatalisationvelarisation contrast). The specific errors being
focussed on at present are ones that pertain to phonological and morphophonemic alterations in the
language. However, this application can be incremented by the teacher, and it can be used in the
classroom and outside to target any aspect of the language. This application is being tested currently in
second level schools in Ireland, as well as by learners abroad.
A Chatting Companion (Chatbot): An application
we have been working on and which proved particularly popular when trialled among school children,
presents a talking monkey who asks questions on
specific topics [13]. The monkey speaks with one of
the synthetic ABAIR voices. The learner responds in
text (we have no recognition for Irish yet) and the
answer is output in a different synthetic voice. The
monkey uses very simple level of artificial intelligence and his conversation extends to a very limited
number of topics (which feature in school oral
examinations). However, it generates a remarkable
level of interest and activity among the children
among whom it has been tested to date, highlighting
the power of communicative, task-based learning.
Interactive agents of this kind have enormous
potential for language learning as they motivate the
learner while exposing him/her to the spoken language, within a simulated communicative environment. We propose to extend the use of chatbots of
this type, making them available for teaching. Even
the most tedious language learning tasks (e.g., memorisation of irregular spellings, or complex grammatical rules) can be turned into a fun activity where the
pupil competes with the monkey. Most importantly,
through the use of the synthesis, the spoken language is centre stage.
6. CONCLUSIONS
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and [4] names preceded by strong IP boundaries are
characterized by a longer duration (measured as
duration of a whole name) and f0 upstep.
Furthermore, as shown in [7], phrase boundaries (IP)
excerpted from the Kiel Corpus of German spoken
language, are signaled by f0 reset or separating
contour (74%), final lengthening (66.2%), and
pauses (38.3%).
However, the studies on German phrase
boundaries are based either on lists, i.e., speakers
utter sequences of three and/or four names with
different syntactic structure, e.g. (Nino und Willi)
oder Mila “(Nino and Willi)” or Mila vs. Nino oder
(Willi und Mila) “Nino or (Willi and Mila)” [4], see
also [3], [9], [12] or they take into account
uncontrolled sentences from spontaneous speech
corpora [2], [6], [7], [8].
In our investigation we utilize the mode of
presentation that does not use list-based stimuli but
rather sentences as the ones presented in (1) and (2).
In doing so, we can better test whether the role of
different cues in boundary marking might have been
task dependent and at the same time provide more
experimental control in terms of syntactic and
prosodic structure than spontaneous speech.
One further way we would like to investigate the
acoustic cues involved in signaling prosodic
boundaries is the influence of speech rate on the
choice of acoustic cues. We predict that more robust
acoustic cues should be retained at higher speech
rates, whereas less robust cues will not.
Although it has been occasionally mentioned for
German that speech rate might influence the
prosodic boundaries [7], no study according to our
knowledge has investigated this question in detail.
Our task, which allows more control over how
productions are elicited productions, provides a new
window into the following research questions:

ABSTRACT
This paper reports results of a production study on
prosodic phrase boundaries at different speech rates.
Our research question was to examine which acoustic
cues (F0, intensity and duration) change as a function
of speech rate both before and after prosodic phrase
boundaries. We investigated identical sentences that
differed in the placement of the prosodic boundary, i.e.
before or after the critical word. Based on the data
of 25 German speakers, duration was the main acoustic
cue that speakers altered when marking prosodic
boundaries at different speech rates. More specifically,
words which appear before the boundary had longer
durations, similarly to pauses at phrase-final
boundaries, even if the speech rate increases. Intensity
does also play a role: in faster speech words are
produced with a higher intensity. Finally, F0 max was
not changed on the critical word but rather it altered in
comparison to F max of the preceding word.

Keywords: prosodic phrase boundaries, acoustic
cues, German, speech rate
1. INTRODUCTION
For intonation languages like German, prosodic
boundaries play an essential role in understanding
spoken language in real time communication. They
signal syntactic constituents and are critical for
disambiguating
syntactic
structure
and
understanding meanings that arise from this
disambiguation ([11]).
For example, the meaning in the sentences in (1)
and (2) is disambiguated by a prosodic phrase
boundary (presumably IP boundary) at the end of a
parenthetical construction indicated by a comma.
(1) Anja hat, sagte Emily auch, eine Torte
gebacken.
‘Anja has, said Emily also, baked a cake’.
(2) Anja hat, sagte Emily, auch eine Torte
gebacken.
‘Anja has, said Emily, also baked a cake’.

1) What are the acoustic correlates of prosodic
phrase boundaries in German?
2) To what extent do the acoustic cues change
as function of the varying speech rate?

As shown in previous studies, German speakers
employ different acoustic cues to mark prosodic
phrase boundaries. For instance, as reported in [3]

2. EXPERIMENT
2.1. Items
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We manipulated our items for prosodic word
boundaries appearing after and before a critical item.
These included: auch “also”, wohl “well”, trotzdem
“despite”, and immerhin “at least”. Auch and wohl
are monosyllabic words, trotzdem is a bisyllabic
word and immerhin is a three-syllabic word.
We created sixteen different experimental
sentences (four with each critical item) as well as
twelve filler sentences. An experimental item was
embedded into two sentences: one with a prosodic
boundary before the critical word, see example in
(3b), and one with the prosodic boundary after the
critical word, see example in (4b). A context
sentence was displayed on the screen prior to the
experimental item; see (3a) and (4a), respectively.
Note that the boundary is indicated by a comma.
(3a)

Frank hat einen Artikel geschrieben.
‘Frank wrote an article.’

(3b)

Olli hat, sagt Emily], [auch einen Artikel
geschrieben.
‘Olli has, says Emily, also written an article.’

(4a)

Olli hat, sagt Peter, einen Artikel
geschrieben.
‘Olli has, says Peter, written an article.’

(4b)

Olli hat, sagt Emily auch,] [einen Artikel
geschrieben.
‘Olli has, says Emily also, written an article.’

The syntactic construction of the tested sentences
was identical, i.e. a host sentence circumventing a
parenthetical construction. The critical word was
either inside the parenthetical (as in (4)) or outside it
(as in (3)) and this was indicated by the placement of
a comma. In order to present an item more than once
during the experiment, we added four different
proper names to the subject position of each
experimental item, hence creating four different
versions of an item. We also varied the object and
the past participle of the host sentence. One of these
versions was assigned to one of the levels of our two
experiment conditions (comma before+normal,
comma after+normal, comma before+fast, comma
after+fast).
The syntactic forms of filler sentences varied,
though all used other syntactic embeddings at the
same positions of the parenthetical, e.g. relative
clauses, infinitive clauses, and others.
In summary, each participant had 33 test trials
and 36 fillers. The experiment lasted between 15 and
20 minutes.
2.2. Participants

25 native speakers of German (16 female; age range
18 to 60, mean: 31) took part in the production
experiment.
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2.3. Procedure

The participants received either one of two
experimental lists from a Latin-squared design and
these were presented using Eprime 2.0. They were
asked to read the sentences (experimental items)
either at the normal or fast speech rate. Participants
were presented with two blocks: either the normal or
fast speech rate block, so that the participant did not
have to switch between different speech rates all the
time. Overall, participants saw only two versions of
a single item (one in each block), though were
exposed to all levels of the conditions throughout the
experiment. Block order was counterbalanced. All
items were presented in randomized order, though
block type had a fixed order, e.g. either normal
before fast or fast before normal.
The sentences as well as their preceding contexts
were displayed on the backdrop of a white screen.
Participants started a trial by pressing the space bar
and read the context sentence. After reading the
context sentence, participants again pressed the
space bar to read the test sentence and ended the trial
(after reading the test sentence) by also pressing the
space bar. The context sentences remained on the
screen above the test and filler sentences.
2.4. Annotation

All tested sentences were annotated in PRAAT
(version 6.0.43, [1]). First, word boundaries were
marked and by means of a script the following
parameters were excerpted: (a) duration of the
critical word of the tested sentence, (b) duration of
the pauses before and after the critical word, (c)
duration of each phrase (3 phrases), (d) max and
mean intensity of the critical word, (e) max F0 of the
critical word and the word preceding it.
2.5. Statistics

All statistical analyses were conducted in the R
Studio software (version 1.1.453 [10]). Linear mixed
effect models were fitted to the data to examine the
influence of the PROSODIC BOUNDARY [before the
critical word, after the critical word], SPEECH RATE
[normal, fast], and Sex [male, female] as well as the
interaction of PROSODIC BOUNDARY and SPEECH
RATE on duration, max intensity and F0 max of all
the critical words.
In our models we included random structure:
random intercepts for participants and items as well
as their slopes for prosodic boundary and speech
rate. The maximized models were tested against less
complex models by means of likelihood ratio tests
and the best fit model was taken as the final model.
The results are based on 716 observations.
3. RESULTS

3.1. Duration

Our results show that duration is the decisive
parameter in the production of prosodic boundaries
in German. The words are significantly longer if
they precede a boundary, i.e., at the end of the
parenthetical construction (the comma is placed after
the word, t= 9.80, p<.001). They are also shorter in
fast speech (t=-8.82, p<.001). Despite the fact that
fast speech reduces the duration of word, the words
are longer when followed by boundaries and shorter
when they follow the boundaries. The interaction
speech rate (normal) and boundary (before the word)
is significant (t=-3.61, p<.001). Figure 1 illustrates
the results. Note that the term comma denotes
prosodic boundary.

Figure 3 presents the results of pause duration
appearing before the critical word. If there is a
prosodic boundary before the critical word, its
duration is significantly longer in normal speech
than in fast speech (t= 5.03, p<.001). Pauses are also
shorter when comma appears after the word in both
fast (t= -6.58, p<.001) and normal speech (t=-2.81,
p<.01). The difference in pause duration is also
larger in normal than in fast speech (the interaction
speech rate*comma is significant: t= -3.48, p<.001).
Figure 3: Duration of pauses before the critical word
depending on prosodic boundary and speech rate

Figure 1: Duration of the critical words before and
after the boundary at different speech rates

The same conclusion holds true for each individual
word, as shown in Figure 2.
Figure 2: Duration of the individual words before
and after the boundary at different speech rates

If we examine pauses after the critical word we
obtain an inverse picture: pauses are significantly
longer when there is a prosodic boundary after a
word. In contrast to pauses preceding the critical
items, speech rate does not influence the results: the
difference in pause duration between preceding and
following boundary was not significant. Figure 4
illustrates the results.
The difference in duration between words before
and after the boundary depends on speech rate as it
was higher in normal than in fast speech (the
interaction between speech rate and comma is
significant t=3.66, p<.001).
3.2. Intensity

The results for intensity show that maximum
intensity was significantly lower in normal speech
then in fast speech (t=-3.01, p<.01). Furthermore,
prosodic boundary also influences the intensity: it is
lower when the boundary appears before the word
(t=-2.33, p<.05). This is shown in Figure 5. The
interaction of speech rate and the prosodic boundary
remains not significant. If we take into account mean
intensity, it is only significantly lower in normal
speech (t=-5.42, p<.001).
As far as pauses are concerned, they show a
rather consistent pattern in dependence of the
appearance of the prosodic boundary. Note that our
results are based on 361 instances of a pause after
the critical word and 355 before the critical word.
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Figure 4: Duration of pauses after the critical word
in dependence of prosodic boundary and speech
rate

4. DISCUSSION AND CONCLUSIONS

Figure 5: Max intensity of the words placed before
and after comma at different speech rates

3.3. Fundamental frequency

Preliminary results on f0 max are shown in
Figure 6. Note that in order to impose more
control on F0 results in the process of its
automatic extraction we extracted one
monosyllabic word, i.e. wohl “well” and the
preceding word Emily (181 observations).
Figure 6: Max F0 of the words placed before and
after the prosodic boundary at different speech rates
fast
female

fast
male

slow
female

slow
male

6.0

log(frequency)

5.5

5.0

comma
before_the_word
after_the_word

6.0

5.5

5.0

Emily

wohl

Emily

wohl

Apart from the obvious male/female distinction
(t=-5.30, p<.001), we found no significant difference
on f0 max on wohl across the two prosodic
conditions. Furthermore, when the comma is before,
the f0 max is higher on Emily than on wohl. When
the comma is after the critical word, the difference
in f0 max between Emily and wohl is more reduced.
However, the interaction is at the level of statistical
tendency (t=-1.91, p=.056). Speech rate does not
affect F0 max.
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Our study shows that the duration is the most
preferred cue in marking the prosodic boundaries. If
speakers increase their speech rate, the duration of
words decreases but the contrast between presence
vs. absence prosodic boundary is still maintained:
words followed by boundaries are longer than those
which follow the boundaries. This effect is, as we
hypothesize, due to final lengthening which seems to
be immune to varying speech rate. Pauses also signal
prosodic boundaries but they are not as strong cues
as duration (lengthening) since they do not play a
role when the speech rate is increased.
Furthermore, intensity decreases towards the
boundary. It is also lower in normal than in fast
speech but it not crucial for marking boundaries in
fast speech.
No strong effects of prosodic boundary were
found on f0. The lack of effects might be due to our
methodological choice, in that automatic measure of
f0 max is not entirely appropriate to capture the
intonational changes across prosodic conditions.
Preliminary phonological analyses suggest that,
in the case of a comma after the critical word, a high
f0 plateau was created spanning from a H* on the
accented syllable of Emily till a H% on the critical
word. On the other side, when the comma was
before the critical word, the critical word contained
an accent and was under focus. Hence, though f0
max on the critical word did not vary across
conditions, the phonological specification of the
critical words and the previous material changed.
Hence, a more detailed phonological analysis should
be done to better understand the contribution of f0 as
a cue to phrasing. Note also that some inter-speaker
variation in the use of f0 was observed, which might
be in line to some extent with the conclusion drawn
in [9:88] where “the f0 was the most variable cue
across speakers […] depending on the speakers’
choice.”
Finally, we need to extend our analyses to the
remining three critical words and better understand
the relationship between the semantics of the
adverbs and the interaction with prosody.
Overall, our results are also consistent with
perception studies on prosodic boundaries in
German which show different role of acoustic cues
in boundary perception with a preferred reliance on
duration cues over pitch changes in both adult [9]
and children perception [5].
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In this paper the unit I attempt to propose is
referred to as a “prosodic phrase (PP)” in the sense
that it is an upper-level unit above a prosodic word
(PW) in the prosodic structure of Japanese. Prosodic
phrasing may be realized not only by pitch but also
pausing or final lengthening. However, in Japanese
read sentences with no punctuation marks, phrasefinal lengthening is not consistent, and pausing is
also arbitrary. Thus, in this study, the patterns of
prosodic phrasing is examined solely by pitch
movements, using only initially-accented words and
asking subjects not to insert a pause in a test sentence.
The phonetic features of the PP observed here were
similar to those of major phrases: it is the domain
where (total) downstep or tonal merger takes place in
the following components whereas the phrase-initial
PW shows a substantial initial pitch rise. We hope to
see how the varying numbers of moras in the three
PWs interact each other and affect the prosodic
phrase formation of the test sentences.

ABSTRACT
This study examines the effect of length of prosodic
words (PWs) on the formation of prosodic phrases
(PPs) in Japanese sentences. 15 Tokyo-Japanese
speakers read test sentences comprised of 3 nonsense
prosodic words (PW1-PW3) followed by a verb
phrase (PW4), all initially accented. PW1-PW3
varied in length (2-5 moras). The results showed that
the sentence-final two PWs were consistently tonally
united to form a single PP. When PW2 was 2 or 3
moras, in 36-65% of the utterances, PW3 showed
significant upwards pitch resetting, dividing the four
PWs into 2PP; downstep was observed in 31-32% of
utterances. PW2 with 4 or 5 moras showed more
downstep (35-44%) and grouping of the last three
PWs into one PP (29-33%). These varied frequencies
of prosodic phrasing patterns suggest that the length
of all component PWs in a sentence interacts one
another and affects the phrasing patterns of PWs.
Keywords: prosodic phrasing,
grouping of prosodic words

length

effect,

2. EXPERIMENT
2.1. Experimental materials
In this study, nonsense words were used since in
sentences made up of real words, speakers may place
focus on specific words without knowing. 18 test
sentences were prepared as shown in (1). The three
nonsense nouns (N1, N2, and N3) are repetitions of
/ne/, /na/, and /ma/, respectively, all initially accented.
N1 and N2 are followed by the particle /no/ that
indicates possession and turns the nouns into
modifiers. N3 is followed by subject marker /ga/,
forming a subject phrase with the preceding phrases.
All three phrases varied in length from two to five
moras. The subject phrase is followed by a threemora verb phrase (VP) mi’eta ‘could be seen’. The
three phrases and VP are called PW1, PW2, PW3,
and PW4, respectively. The second PW (PW2) is a
target PW whose length ranges from 2 to 5 moras.

1. INTRODUCTION
Kubozono [1] reports that in uniformly left-branching
phrases consisting of four accented words, “the third
minor phrase is realized as high as (or even higher
than) the second minor phrase”, dividing the four
constituents into a pair of sub-groups. He claims that
the principle of rhythmic alternation underlies this
phenomenon. Selkirk et al. [3] report that in Japanese
sentences the degree of initial pitch rise of minor
phrases is affected by the phonological length
(number of moras) of the target phrases, as well as
the syntactic structure.
Although previous studies have shown syntactic,
semantic, phonological effects on intonational
phrasing in Japanese, the current study attempts to
examine exclusively length effects on the prosodic
phrasing of Japanese sentences from the empirical
data gained by using nonsense words. Specifically, I
attempt to provide evidence for the formation of
prosodic phrases with about four-to-ten moras, in
which two or more PWs are combined and the initial
pitch rise of the following phrases is either attenuated
or deleted.

(1) Test sentences: (the symbol ’ denotes the
boundary between H and L tones.)
e.g. ne’ne-no na’nana-no ma’ma-ga mi’eta
(N1-no) (N2-no) (N3-ga) (Verb-phrase)
(2, 3, 5μ) (2 to 5 μ) (2 to 4 μ) (3 μ)
PW1
PW2
PW3
PW4
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rise for each PW, the difference between each peak
and its preceding valley was calculated (P2-V2, P3V3, and P4-V4).
Based on these data, phrasing patterns were
classified as shown in (2). As for sentence-final PW4
mi’eta, tonal merger or (total) downstep with the
preceding PW3 was observed in almost all the
utterances produced by all speakers, forming a single
PP with PW3. Phrasing pattern (2)a is represented as
[2 + 2] in which four PWs are grouped into two PPs,
each of which consists of two PWs. This pattern was
identified when P2 was lower than P1 by more than 1
semitone, and P3 was as high as or higher than P2
(Figure 1). The second pattern (2)b is “Downstep”
where P2 was lower than P1, and P3 than P2, by 1 or
more semitones and gradual lowering of the initial
pitch rise over the utterance took place (Figure 2).
When P2 was almost as high as or higher than P1,
and P3 was lower than P2 by more than one semitone,
the last three PWs were assumed to form a single PP
[1 + 3]. When the difference between P2 and P3 was
within 1 semitone and P2 was as high as or higher
than P1, the utterance was assumed to be divided into
[1 + 1 + 2].

2.2. Speakers and procedures
15 Japanese (8 males and 7 females), who speak
Tokyo Japanese, read the sentences. The ages of
speakers ranged from 20 to 60.
Each test sentence was written on a card;
nonsense words in katakana, the others in hiragana
and kanji. The test sentences were mixed with filler
sentences made up of nonsense words and presented
to each speaker in random order. Speakers were
asked to read each sentence so that the sentence
would sound natural and comfortable to him or her.
They were also told not to insert pauses in each
sentence. Since the speakers may have difficulties in
reading nonsense words that consisted of the same
syllable, each speaker was asked to read each
sentence three times in succession. If they misread
any of the sentences, they were allowed to read it
again and again until they could read it successfully
at least two times. The total number of utterances
analyzed would be 540 (18 sentences x 15 subjects x
2 utterances).
Recordings were analyzed with Sugi Speech
Analyzer and the waveform, f0 contour, and
spectrogram of each utterance were extracted. Since
this experiment examines the intonation patterns of
each sentence produced by each speaker, when there
was a variation in intonation pattern in any sentence
produced by a single speaker, each of the different
intonation patterns was analyzed and used for further
analyses. If one of the repetitions of each sentence
had disfluencies or mistakes, the other two readings
were analyzed. When the three productions of each
sentence were almost identical, the second and third
readings were analyzed. The maximum and minimum
f0 values of each PW were measured for all the
utterances. Some speakers could not produce some
of the longer nonsense words correctly. This led to a
loss of 29 tokens in total for further analyses.

(2) 4 patterns of prosodic phrasing
a. [2 + 2] : P1>P2, P2≦P3 (P1-P2>1, P2-P3≦1)
(PW1 + PW2) + (PW3 + PW4)
b. Downstep : P1 > P2 > P3 (P1-P2>1, P2-P3>1)
PW1 + PW2 + PW3 + PW4
c. [1 + 3] : P1≦P2, P2 > P3 (P1-P2≦1, P2-P3>1)
PW1 + (PW2 + PW3 + PW4)
d. [1 + 1 + 2] : P1≦P2, P2≦P3
(P1-P2≦1, P2-P3≦1)
PW1 + (PW2) + (PW3 + PW4)
Figures 1 to 4 show each of the above phrasing
patterns. F0 values in semitone are collapsed across
all the utterances produced by all the speakers. Error
bars indicate standard errors above and below the
mean.

2.3. Data analyses and classification of phrasing
patterns
The maximum (Peak) and minimum (Valley) f0
values of the PWs were referred to as P1, P2, P3, P4,
and V2, V3, V4, respectively. The f0 of V1 was
excluded since some of the utterances produced by
some speakers hardly showed any initial lowering for
the sentence-initial PW. In order to eliminate
interspeaker differences in voice pitch, these f0
values were normalized and represented in semitone
using the f0 of P1 of each utterance by each speaker
as a reference point. Next, the differences between
each pair of adjacent peaks (P1-P2, P2-P3 and P3-P4)
were calculated to examine upwards pitch resetting in
PWs. Also, in order to see the degree of initial pitch

3. RESULTS AND DISCUSSIONS
3.1. Tonal merger of the final two PWs
In the total of 511 utterances produced by all 15
speakers, the sentence-final VP mi’eta tended to be
merged with the preceding subject-final PW3,
forming a single PP with PW3, ranging from 5 to 7
moras. The last PW showed almost no initial pitch
rise; the average pitch of 511 utterances is -8.77 for
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Figure 4: Mean maximum and minimum f0 in
semitone of the 14 utterances that showed [1 +
1 + 2] phrasing for 3-mora PW2

V4 and -8.30 for P4 with standard deviation of 2.96
and 2.66, respectively.
Figure 1: Mean maximum and minimum f0 in
semitone of the 115 utterances that showed [2
+ 2] phrasing for 2-mora PW2
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Figure 3: Mean maximum and minimum f0 in
semitone of the 36 utterances that showed [1 +
3] phrasing for 5-mora PW2
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Table 1. Mora counts of component PWs of
each sentence with 2-to-3 mora PW2 and
frequencies of each prosodic phrasing pattern

4
Pitch in semitone

V2

tend to show an initial pitch rise and form another PP with
PW4s. This tendency leads to division into 2PWs and
2PWs [2 + 2] as in sentences (2+2+3+3), (2+2+4+3) and
(5+2+4+3). In the sentence of (5+2+4+3) moras, PW1 is
the longest. However, perhaps the total of 12 moras may
be a little too long for the favorable PP size. Thus, it is
mostly divided into 2PPs. The same phenomenon is
observed in the sentence of (5+3+4+3) with 3-mora PW2,
where it tends to be divided into (5+3) and (4+3). However,
in sentences made up of (3+2+2+3) and (5+2+2+3) moras,
the first longest PW initiates a PP and downstep takes
place in the following PWs. Interestingly, when the first
three PWs have only two moras (2+2+2+3), the majority
of the utterances show [2 + 2] phrasing.
These findings suggest that not only the length of the
target PW but also the length of all the component PWs
affect the formation of PPs in the sentences.

0
P1

P1

Looking closer at Table 1, two more interesting
tendencies are observed. First, PW3s with 3 or 4 moras

Peak(P) and Valley(V) of the Prosodic Words

Figure 2: Mean maximum and minimum f0
in semitone of the 47 utterances that showed
Downstep for 4-mora PW2
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3.2. PW2 with 2 or 3 moras
Table 1 shows the number of occurrences of each
prosodic phrasing pattern of each sentence by the 15
speakers. In the case of PW2 with 2 moras, 64.6% of
the four PWs are divided into two PPs, each
consisting of two PWs [2 + 2]. 30.9% of the
utterances show downstep. The other two patterns of
phrasing are scarce.

No. of moras
of PWs

[2 + 2]

Downstep

2+2+2+3

21

8

2+2+3+3
2+2+4+3
3+2+2+3
5+2+2+3
5+2+4+3

27
29
6
9
23

3
1
20
18
5

Sum (%)

115 (64.6)

2+3+2+3
2+3+4+3
5+3+2+3
5+3+4+3
Sum (%)

[1 + 3]

[1 + 1 + 2]
1

4
1

2

55 (30.9)

5 (2.8)

3 (1.7)

2
14
4
21

12
1
19
5

14
5
4

2
10
1
1

41 (35.7)

37 (32.2)

23 (20)

14 (12.2)

Similar tendencies are more obviously observed
for 3-mora PW2. In a sentence of (2+3+2+3), 3-mora
PW2, which is longer than the preceding and
following PWs, shows an initial pitch rise and forms
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a PP with the following PWs in 14 out of 30
utterances [1 + 3]. When PW3 is 4-mora long, PW3
initiates another PP, resulting in more [2 + 2]
phrasing patterns as in (2+3+4+3) and (5+3+4+3).
Downstep is most frequent in (5+3+2+3) in which
the PW1 is the longest of all the 4 PWs.

The last two prosodic words (PWs) in the test
sentences have a strong tendency to be tonally
merged to form a single prosodic phrase (PP) of
5 to 7 moras. This finding is worth noticing
since the last PW is an initially accented verb
phrase and generally predicted to form a minor
phrase on its own with an initial pitch rise.
 When the second PW is 2 or 3 moras, the most
frequent phrasing pattern is grouping into two
PPs [2 + 2], where PW3 shows upward pitch
resetting whereas PW2 indicates downstep in
relation to PW1. The resulting PPs range from 4
to 8 moras.
(PW1+PW2) + (PW3+PW4)
However, when PW1 is the longest in a sentence
and both PW2 and PW3 are 2 or 3 moras, the
majority of the utterances show downstep over
the sentence (Table 1).
 When the second PW is 4 or 5 moras, downstep
is most frequently observed (43.5% and 34.5%,
respectively). However, when PW1 is only 2
moras, PW2 tends to initiate a PP and PW3
shows downstep in relation to PW2. That is, the
last three PWs group together to form a single
PP [1 + 3]. This phrasing pattern takes place in
about 30% of the utterances with 4- or 5-mora
PW2 (Table 2).
PW1 + (PW2+PW3+PW4)
Despite these varied distributions of prosodic
phrasing patterns, one obvious finding from this
study is that the last two PWs always combine with
each other tonally. It was also found that not only the
number of moras of the target PW but also those of
the other PWs in the same sentence have a great
effect on the prosodic phasing patterns in Japanese
sentences. More specifically, a relatively long PW in
a sentence tends to initiate a PP with the following
PWs. This tendency leads to downstep or the
prosodic phrasing of [1 + 3] when the first or second
PW is the longer PW. However, when there are
several long PWs and the resulting PP becomes too
long, the PWs may divide into more PPs ([2 + 2] or
[1 + 1 + 2]). When the third PW is a relatively long
one, it initiates another PP, dividing the four PWs
into a pair of 2PWs [2 + 2]. When there are no
relatively long PWs as in a sentence of (2+2+2+3)
moras, the sentence still tends to be divided into 2PPs.
All of these prosodic phrasings of Japanese
sentences may result in nearly systematic occurrences
of initial pitch rise in the test sentences. Mori [2]
shows that Japanese words tend to group together to
form PWs ranging from 2 to at most 5 moras. In this
study, it was found that these PWs could further
combine with one another to form PPs depending on
their phonological length as well as the length of the
other constituents of the sentence.

3.3. PW2 with 4 or 5 moras
When PW2 is 4 or 5 moras in length, the percentage
of [2 + 2] division decreases, whereas that of [1 + 3]
increases. As can be seen in Table 2, the typical
phrasing patterns are quite similar both for 4 and 5
mora PW2. When PW2 is the longest in a sentence
(e.g. 2+4+2+3, 2+5+4+3), PW2 initiates PPs dividing
4 PWs into 1PW and 3 PWs [1 + 3]. When the
longest PW is at the head of the sentence, the
sentence shows downstep as in (5+4+2+3)
(5+5+2+3) or division into two PPs when PW3 is
long enough as in (5+4+4+3) and (5+5+4+3).
Table 2. Mora counts of component PWs of
each sentence with 4-to-5 mora PW2 and
frequencies of each prosodic phrasing pattern
No. of moras
of PWs
2+4+2+3
2+4+4+3
5+4+2+3

[2 + 2]

Downstep

[1 + 3]

[1 + 1 + 2]

4
4
7

9
8
18

15
11
4

2

5+4+4+3

13

12

1

Sum (%)

28 (25.9)

47 (43.5)

31 (28.7)

2 (1.9)

2+5+2+3
2+5+4+3
5+5+2+3
5+5+4+3
Sum (%)

4
4
3
13
24 (21.8)

4
5
17
12
38 (34.5)

19
15
2
0
36 (32.7)

2
6
2
2
12 (10.9)

The initial pitch rise of the target PW2 with four
or five moras may be partly due to the “global,
lookahead effect” as Selkirk et al.[3] points out in
Japanese words. That is, the longer a PW, the higher
the initial pitch rise since speakers expect the pitch
lowering over the following syllables/moras.
However, the results from the current experiment
show that the frequencies of the initial pitch rise of
the target PW2 depend on not only on the length of
the target PWs but also their environment. That is,
the relative length of all the component PWs in the
same sentence interacts with one another and affects
the presence or absence of the initial pitch rise of the
target PW2.
4. SUMMARY AND CONCLUSIONS
The findings from the current experiment can be
summarized as follows:
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ABSTRACT
This study examines a structure-dependent F0
downtrend in coordinated unaccented words in
Tokyo Japanese. Ten native speakers of Tokyo
Japanese participated in the production experiments.
Experiment 1 paradigmatically compared the F0
falls of single unaccented words such as
arakuremono (villain) and coordinated unaccented
words such as momo-ya booru (peaches and balls),
assuming that a coordinate structure triggered the
separation
of
domains.
Experiment
2
syntagmatically compared the F0 falls in regions
with a phonological boundary and in regions without
a boundary. As expected, in both experiments, the
conditions with boundaries showed larger F0 falls
than the others. The results revealed another
structure-dependent downtrend that is independent
from downstep. We argue that this boundary-driven
downstep is triggered by the boundary tone %L. It is
further contended that downstep, initial lowering,
and boundary-driven downstep can be unified taking
into account that accent culminativity triggers the
separation of domains.
Keywords: Japanese, Downstep,
Boundary tone, Prosodic phrasing

Unaccented,

1. INTRODUCTION
1.1. Background

Academic interest in F0 downtrend in Japanese has
increased over the past decades [8]. There are two
categories of F0 downtrend in Japanese: structureindependent and structure-dependent. The former is
known as declination, which is the natural tendency
for F0 to lower from the beginning to the end of an
utterance. This is explained as a physiological
phenomenon in which the gradual decrease of air
pressure causes a gradual F0 decrease, yet it is also
argued that declination is not just a by-product of
physiological factors and has some aspects of being
structure-sensitive [15]. Several researchers concur
that this phenomenon is time-dependent [14].
In contrast, downstep is classified as a structuredependent F0 downtrend. In Tokyo Japanese, words
are classified into accented (A) and unaccented (U),
and, conventionally, downstep is described as a pitch
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range compression triggered by the lexical pitch
accent [10]. Two primary approaches help identify
downstep in Japanese: syntagmatic and paradigmatic
[5]. In the former, if the F0 peak following an
accented word is clearly lower than the preceding F0
peak, it is identified as downstep [13]. Downstep
differs from declination in that the F0 downfall is
acute and the place of downfall is local to the
phonological structure [14]. On the contrary, the
latter approach claims that if the pitch height of X is
significantly lower after an accented word than it is
after an unaccented word, X is identified as
downstepped [7], [6], [5]. Both approaches assume
that downstep in Japanese is only triggered by
accented words.
1.2. Research Objectives

This study primarily aims to demonstrate the
existence of a structure-dependent F0 downtrend in
coordinated unaccented words in Japanese, which is
independent
of
downstep.
Experiment
1
paradigmatically compares the F0 falls of single
unaccented words and coordinated unaccented
words provided that a coordinate structure triggered
the separation of phonological domains. Experiment
2 adapts the syntagmatic design wherein the F0 falls
in regions with and without a phonological boundary
are compared within a sentence. The results
demonstrate a structure-dependent downtrend
independent of downstep. The study contends that
the underlying factor of this boundary-driven
downstep is the insertion of the boundary tone %L.
Further, the study aims to discuss the possibility
that downstep, initial lowering, and boundary-driven
downstep can be combined considering that lexical
accent triggers the separation of domains because of
accent culminativity and anti-lapse constraint [6].
2. EXPERIMENT 1
2.1 Experimental materials

Experiment 1 paradigmatically compared single
unaccented words such as arakuremono (villain) and
coordinated unaccented words such as momo-ya
booru (peaches and balls) (Tables 1 and 2). The
stimuli were constructed with the Domain Boundary
factor comprising two levels: [+DB] and [-DB]. The
hypothesis here is that a parallel coordinate

structure, as in coordinated conditions, triggers the
separation of domains, and phonological boundaries
are inserted after the conjunction. This hypothesis
can be supported by the fact that Rendaku, or
sequential voicing, is blocked in compounds that
have the semantic value of parallel coordination "A
and B,” as in yama-kawa (a mountain and a river)
compared to yama-gawa (a river in a mountain) [9].
The tones that were associated with the target
nouns in both conditions are assumed to be
LHHHHH as the second noun of the coordinated
condition begins with a heavy syllable, which
normally blocks initial lowering [4].
Table 1: An example of [-DB] condition in
Experiment 1.
(1a) single condition: [-DB]
item arakuremono ya warumono-ga daikiraida.
tone LHHHHH
H
gloss villain
and bad.guy-NOM hateful
'I hate villains and bad guys.'

Table 2: An example of [+DB] condition in
Experiment 1.
(1b) coordinated condition: [+DB]
item momo-ya booru ya nabebuta-ga daikiraida.
tone LHH
HHH H
gloss peach-and ball
and pot.lid-NOM hateful
'I hate peaches, balls and pot lids.'

2.2. Participants

Ten native speakers (7 females and 3 males, mean
age 19.6 years, SD 1.20) of Tokyo Japanese from
Kanto area (Tokyo, Kanagawa, Saitama, and Chiba)
participated in the experiment as subjects. No
participant had lived outside of Kanto area for more
than two years. No participant reported a history of
speech or hearing impairments.
2.3. Procedures and analysis

The recording was conducted in a sound-proof booth
at the University of Tokyo using the Shure
WH20XLR Dynamic Headset Microphone, which
was connected to the Roland QUAD-CAPTURE
audio interface; the audio was recorded to a
computer. The sampling rate was 44.1 kHz.
Stimuli were displayed on a screen one after the
other in a pseudo-random order. Participants were
asked to read sentences aloud in the following order:
twice at a normal speech rate, twice at a slow speech
rate, and twice at a fast speech rate, in order to
increase the variety of within-subjects duration. The
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order of reading at fast/slow speech rate was
reversed in the second half of the stimuli. Although
each speech rate was not fixed, participants were
instructed to read at a rate that felt natural to them.
Further, participants were instructed to read faster or
slower compared to their normal speech rate. When
subjects inserted an undesired pause or
mispronunciation while reading a sentence, they
were asked to repeat the production. A total of 6
items × 2 sentence types × 3 speech rates × 2
repetitions = 72 tokens were recorded. Sixty
sentences (360 tokens) from other experiments,
including Experiment 2, served as fillers.
Sound files were annotated using Praat [3].
Segmentation between the conjunction and
following unaccented words was done on the basis
of formants and waveforms. To avoid an undesired
insertion of pause or emphasis, tokens at slow
speech rate were removed from the analysis. One of
two repetitions was analyzed at both normal and fast
speech rate. Apparent errors by the algorithm in
Praat, such as octave jumps, were manually checked
and corrected.
The target words of both conditions contained
seven moras, and the F0 peak differences between
the first three moras (e.g., araku/momo-ya) and the
last four moras (e.g., remono-ya/booru-ya) were
statistically compared. The boundaries between
these regions were annotated at the midpoint of the
first consonant of the last four mora (e.g., the
midpoint of the consonant [r] in arakuremono). The
F0 differences were converted to semitones.
Two factors, Domain Boundary ([+DB]/[-DB])
and Duration, were considered as fixed effects. The
factor Duration is the standardized duration of the
target seven moras (e.g., arakuremono-ya/momo-ya
booru-ya). This non-categorical factor was analyzed
so as to observe the effect of declination,
considering declination is affected by duration. The
data were analyzed within the linear mixed-effects
model (LME), using the lmer function within the
lme4 package [2] in R [11], with subjects and items
as random effects. The factor labels of Domain
Boundary were centered to have a mean of 0 and a
range of 1. The final models were obtained with
backward selection [1].
2.4. Results

The results of Experiment 1 are presented in Table
3. A linear mixed-effects model revealed that the F0
fall is significantly greater in [+DB] condition than
in [-DB] condition. Moreover, the main effect of
duration was significant: the longer the duration, the
larger the F0 fall. The interaction between the two
factors was not significant.

Table 3: Results of mixed-effects models in
Experiment 1.
(Intercept)
Domain Boundary
Duration
Domain Boundary:Duration

Estimate

Std. Error

df

0.33232
0.5122
0.22459
0.01551

0.15077
0.22268
0.0753
0.13614

13.07
11.79
206.46
214.5

eliminate the Duration factor from the statistic
model. If we fixed the number of moras in each
region instead, the duration of each region would
covary.

t value Pr(>|t|)
2.204
2.3
2.983
0.114

<.05 *
<.05 *
<.005 **
n.s.

Table 4: An example of the stimuli in Experiment
2.

2.5. Discussion

item uranai

The significant
main effect of Duration can be
Fortune telling, e-mails and marathons are support for our lives.
attributed to declination, assuming it is timedependent.
However, the significant main effect of Domain
Boundary suggests that a parallel coordinate
structure triggers the separation of phonological
domains, and the observed F0 downtrend must
involve a mechanism that is dependent on
phonological structures. If structure-independent
downtrend is the only mechanism to cause the F0
downtrend for unaccented words, the F0 range
should not substantially differ between [+DB] and [DB] conditions. Additionally, these results cannot be
explained by downstep, as the target words do not
contain any accents.
Furthermore, these results cannot be attributed to
initial lowering, as boundary tone %L is not
associated with the first syllables when they are
heavy. This point is further examined in Experiment
2.
3. EXPERIMENT 2
3.1 Experimental materials

Table 4 shows an example of a total of six sentences
used as stimuli. The targets were four-mora and
three-mora unaccented words coordinated by the
conjunction ya, as in uranai-ya meeru (fortune
telling and e-mails). The initial syllables of the
second unaccented words are heavy and consist of
long vowels.
The hypothesis here is that a phonological
boundary is yet to be inserted after the conjunction
ya. The boundaries were annotated at the midpoint
of the first consonant of the second noun (e.g., The
midpoint of the consonant [m] in meeru). Each
recorded utterance was divided into three regions so
that the duration of each region is fixed to the
duration of 4 moras (x) after the phonological
boundary (e.g., meeru-ya). Region 1 is defined as x
before the boundary ([-DB]), Region 2 is x/2 before
the boundary plus x/2 after the boundary ([+DB]),
and Region 3 is x after the boundary ([-DB]). The
duration of 4 moras after the boundary is longer than
the 4 moras before the boundary in all utterances.
The duration of each region is fixed in order to
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ya meeru ya

marason-ga

zinsei-no-sasae-da

tone LHHH
H HHH H
gloss Fortune.telling and e-mails and marathons-NOM life-GEN-support-be
'Fortune telling, e-mails and marathons are support for our lives.'

Figure 1: Schematic of each region in Experiment
2.

3.2. Participants

The speakers in Experiment 2 were the same as in
Experiment 1.
3.3. Procedures and analysis

The basic procedures were identical to those of
Experiment 1. Given that the regions within a
sentence are compared in a syntagmatic manner,
sentence types are not relevant in Experiment 2. A
total of 6 sentences × 3 speech rate × 2 repetitions =
36 tokens were recorded. Sixty-six sentences (396
tokens) from other experiments, including
Experiment 1, served as fillers. To avoid an
undesired insertion of pause or emphasis, tokens at a
slow speech rate were removed from the analysis.
One of two repetitions was analyzed at both normal
and fast speech rates. The F0 average difference
between the first and the latter halves of each region
were measured. The F0 differences were converted
to semitones. The statistical procedures were
identical to those of Experiment 1, except that only
the Domain Boundary factor was considered in
Experiment 2: Domain Boundary ([+DB]/[-DB]).
3.4. Results

A linear mixed-effects model revealed that the F0
descent is significantly more extensive in Region 2
than in Regions 1 or 3 (Tables 5 and 6 and Figure 2).
Table 5: Results of mixed-effects models between
Region 1 and Region 2 in Experiment 2.
(Intercept)
Domain Boundary

Estimate
0.66024
0.72596

Std. Error
0.06124
0.18455

df
9.875
10.036

t value Pr(>|t|)
10.781 <.0001 ***
3.934 <.005 **

Table 6: Results of mixed-effects models between
Region 1 and Region 2 in Experiment 2.
(Intercept)
Domain Boundary

Estimate
0.59721
1.10151

Std. Error
0.05966
0.18143

because of the anti-lapse constraint. Assuming that
boundary-driven downstep is triggered by boundary
tone %L, both AA and AU sequences meet the
requirement of boundary-driven downstep, and there
is a possibility that downstep is not directly triggered
by accents but is rather triggered by the separation of
domains (Figure 3); that is, downstep and boundarydriven downstep could essentially be the same
phenomenon.
The study further argues that boundary-driven
downstep and initial lowering can be unified, given
that initial lowering is the association of boundary
tone %L with the left edge of phonological phrases
(Figure 3). Assuming that boundary-driven
downstep is driven by the insertion of boundary tone
%L, downstep, initial lowering, and boundary tone
downstep can be seen as a unified phenomenon.

df
t value Pr(>|t|)
9.817
10.01 <.0001 ***
10.027 6.071 <.0005 ***

Figure 2: Mean F0 descent. Error bars represent
95% confidence intervals.

3.5. Discussions

The significant effect of DB indicates that the
observed F0 downtrend involves a structuredependent mechanism that is triggered by a parallel
coordinate structure. The fact that the F0 range
differed substantially between Regions 1 and 2 or
between Regions 2 and 3 means that the place of
downfall is local to the phonological structure. In
addition, downstep cannot account for the results of
Experiment 2, since the target words are all
unaccented.
Furthermore, these results cannot be due to initial
lowering, since the association of boundary tone %L
to the first syllables should be blocked when they are
heavy. If the boundary tone %L is associated to the
first mora and initial lowering occurs, then Region 3
should have shown the large negative value, which
was not the case.
4. GENERAL DISCUSSIONS
Both the experiment results reveal a structuredependent downtrend independent from downstep.
Thus, the study contends that this “boundary-driven
downstep” is triggered by a boundary tone %L, as
boundary-driven downstep has been observed with
the phonological boundaries. Boundary-driven
downstep differs from declination in that (i) it is
driven by a boundary tone and (ii) the place of
downfall is local to the phonological structure.
This implies the possibility that downstep, which
has been conventionally argued to be triggered by
accents, can be theoretically unified with boundarydriven downstep. According to [6], there must be a
phonological boundary after every accent owing to
accent culminativity and the anti-lapse constraint. In
other words, AA (accented + accented) sequence is
separated because of accent culminativity, and AU
(accented + unaccented) sequence is separated
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Figure 3: Unifying downstep, initial lowering, and
boundary-driven downstep

Unifying downstep, initial lowering, and
boundary-driven downstep has three advantages.
First, the structure-dependent downtrend can be
justified at the sequence of unaccented words as in
Experiment 1, Experiment 2, and the structural
downtrend in a sequence of unaccented words
reported by [12]. Second, we can account for the
structural downtrend without initial lowering. Initial
lowering refers to the %L associated with the first
syllable of the domain, and it can be blocked if the
syllable is accented or heavy. By positing that every
phonological phrase is the domain of the boundary
tone %L, we can account for the downtrend without
the associated %L, as shown in the two experiments.
Third, we can simplify the theory by not assuming
downstep or initial lowering as an independent
mechanism.
There are several limitations to this study. It is
possible that the coordination conditions used in the
two experiments comprise an extremely special case,
and as such, the results cannot be generalized with
accounting for boundary tone insertion. However,
the theory proposed by this study may provide
useful information regarding the interaction between
boundary tone and downstep. Further investigation
concerning other factors of the separation of
phonological domain is necessary.

5. REFERENCES
[1] Bates, D., Kliegl, R., Vasishth, S. and Baayen, H.
2015. Parsimonious mixed models. arXiv preprint
arXiv:1506.04967.
[2] Bates, D., Maechler, M., Bolker, B., Walker, S.,
Christensen, R.H.B., Singmann, H., Dai, B.,
Grothendieck, G., Green, P. 2015. Package “lme4”
(Version 1.1-12).
[3] Boersma, P. Weenink, D. 2018. Praat: A System for
Doing Phonetics by Computer Version 6.0. 39.
[4] Gussenhoven, C. 2004. The phonology of tone and
intonation. Cambridge University Press.
[5] Ishihara, S. 2016. Japanese downstep revisited. Nat.
Lang. Linguist. Theory 34, 1389–1443.
[6] Ito, J., Mester, A. 2013. Prosodic subcategories in
Japanese. Lingua 124, 20–40.
[7] Kubozono, H. 1993. The organization of Japanese
prosody. Tokyo: Kurosio.
[8] McCawley, J.D. 1968. The phonological component
of a grammar of Japanese.
[9] Ōtsu, Y. 1980. Some aspects of Rendaku in Japanese
and related problems. Theoretical issues in Japanese
linguistics. Dept. of Linguistics and Philosophy,
Massachusetts Institute of Technology.
[10] Poser, W.J. 1984. The phonetics and phonology of
tone and intonation in Japanese.
[11] R Core Team. 2016. R: A language and environment
for statistical computing. R Foundation for Statistical
Computing, Vienna, Austria. URL https://www.Rproject.org/.
[12] Selkirk, E. Shinya, T., Sugahara, M., 2003. Degree of
initial lowering in Japanese as a reflex of prosodic
structure organization. Proc. 15th ICPhS Barcelona,
Spain, 491–494.
[13] Selkirk, E., Tateishi, K. 1991. Syntax and downstep
in Japanese. In: Interdisciplinary Approaches to
Language. Dordrecht: Springer. 519–543.
[14] Shinya, T. 1999. Eigo to nihongo ni okeru fookasu ni
yoru daunsteppu no sosi to tyooon-undoo no tyoogoo
[The blocking of downstep by focus and articulatory
overlap in English and Japanese]. In Proc. of Sophia
Linguistics Society, 35–51.
[15] Yuan, J., Liberman, M. 2014. F0 declination in
English and Mandarin broadcast news speech. Speech
Communication 65, 67–74.

1013

FREQUENCY EFFECTS AND PROSODIC BOUNDARY STRENGTH
Tina Bögel1 and Alice Turk2
1 University

of Konstanz; 2 University of Edinburgh

Tina.Boegel@uni-konstanz.de; a.turk@ed.ac.uk

ABSTRACT

with high acoustic saliency during unpredictable
(infrequent) sections of speech, but lower acoustic
saliency if the immediate context is predictable (frequent). [2], for example, found that word frequency
and the likelihood of a particular syllable based on
previous information in form of previous syllables
and givenness correlated inversely with syllable duration.
Similarly, [10] showed that highly frequent function words and function words with a high probability given previous and following material are more
likely to be acoustically reduced, where increased
likelihood correlated inversely with function word
duration. [5] found a significant effect on word duration given the following word, and [16] also noted
an effect of bigram frequency, but also of repetition,
on stem and suffix duration. All of these findings are
consistent with the hypothesis that language redundancy correlates inversely with acoustic saliency in
the form of duration.
Based on evidence of shared effects of language
redundancy and prosodic prominence on syllable
duration and vowel quality [1], [2] and [3] proposed that smooth signal redundancy is controlled
via prosodic prominence structure. [19] additionally proposed that prosodic boundary structure plays
a similar role. On this view, stronger prosodic
boundaries (e.g., longer duration of the preceding
rhyme, pause (if any), and following onset, resulting in an overall longer boundary-related interval)
are expected to occur where language redundancy is
low. This view provides a unified explanation for
effects of syntax, semantics and utterance length on
prosodic boundary occurrence and strength, and is
supported by findings in [21] and [8] (a.o.) but has
not yet been tested experimentally.
By means of a production experiment, this paper
investigates the relationship between boundaries and
four measures of language redundancy: a) syntactic frequency, b) lexical (word) frequency, c) bigram
(verb-adjective and adjective-noun) frequencies, and
d) the ratio between these two bigram frequencies.
In addition to the placement of intonational boundaries, we also examine the impact of the respective
language redundancy measures on duration.

It has long been recognized that spoken language
does not necessarily provide reliable cues to indicate word boundaries in all contexts. [19] hypothesized that prosodic boundary structure is planned
in order to achieve smooth signal redundancy ([1],
[2]). On this view, speakers manipulate the strength
of boundaries between words in order to make the
recognition of each word in an utterance equally
likely. Prosodic boundary strength is assumed to inversely relate to language redundancy, i.e., the likelihood of recognition on the basis of non-acoustic information, including the likelihood of the syntactic
structure, lexical word frequency and word bigram
frequency.
This paper explores the impact of syntactic, wordbigram and word frequency measures on the placement and strength of prosodic word and phrase
boundaries in English.
Keywords: frequency effects, prosodic boundary
strength, duration, smooth signal redundancy
1. INTRODUCTION
Following [14], the Smooth Signal Redundancy Hypothesis [1] assumes that the recognition likelihood
of linguistic items is spread evenly throughout the
utterance to ensure robust and efficient communication between speaker and listener (see also [12]).
The identity of these linguistic items is assumed to
be signalled on two levels: a) via language redundancy, i.e., the likelihood of recognition via lexical,
syntactic, pragmatic, and semantic factors, and b)
via acoustic redundancy, i.e., the recognition likelihood based on acoustic salience. These two levels
are assumed to inversely correlate with each other:
If language redundancy is high, the acoustic saliency
of the produced section of speech is low, and vice
versa (see also [13], [5], [16], [15], a.o.).
In experiments on phrase-medial syllable durations and vowel quality [1], [2], and [3] showed
that smooth signal redundancy is achieved through
an inverse relationship between language redundancy and acoustic redundancy, i.e.: Speakers speak
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2. METHOD

calculating the word bigram frequency for a) the
verb-adjective (VA) sequence, and b) the adjectivenoun (AN) sequence via Google. These bigram frequencies were furthermore used to calculate the ratio between the two bigram frequency values by dividing the VA-bigram-frequency by the AN-bigramfrequency. Since the bigram frequencies and the
ratios differed considerably in size (e.g., from 9 to
45M for the VA frequencies), we normalized the
data by dividing it into three parts, drawing cut-off
points at the fourth and the sixth of 10-quantiles.
All data below 40% was categorized as ‘low frequency’ and all data above 60% was categorized as
‘high frequency’ (with 20% of the data being used
as buffer to avoid adjacent measurements for ‘high’
and ‘low’). The ratio was normalized in the same
way to indicate whether the VA bigram frequency
was considerably smaller or larger in comparison to
the AN bigram frequency.

2.1. Materials

The material included 58 target sentences where
each sentence was part of a set of a minimal quadruplet or a minimal doublet. Each member of a set
included a verb-adjective-noun sequence, where the
verb and noun were each either highly frequent (f) or
infrequent (i). Measures of lexical frequency were
obtained via WebCelex’s Cobuild frequency [4] (raw
numbers, Verbs: f > 2000, i < 200; Nouns: f >
3000, i < 100). Each frequent verb was matched
with an infrequent verb with an identical rhyme
(e.g., [e@] in wear (f) and pare (i)), and each frequent
noun was matched with an infrequent noun with an
identical onset (e.g., [fA] in farmers (f) and farthings
(i). The adjective was the same for all members of a
set.
Table 1: Quadruplet combining frequent (f) and
infrequent (i) (partly homophonous) verbs and
nouns.
Freq.
ff:
fi:
if:
ii:

2.2. Participants

23 participants took part in the study (age mean:
23.4, 14 females, all of them students at the University of Edinburgh) and received a small payment.
All were analysed for intonational phrase boundary
placement. In addition, a subgroup of 10 participants were used for a more fine-grained durational
analysis of boundary strength (age mean: 25.7, 5
male).

Matched quadruplet
Whatever you wearf thin farmersf can’t pay for it
Whatever you wearf thin farthingsi can’t pay for it
Whatever you parei thin farmersf can’t pay for it
Whatever you parei thin farthingsi can’t pay for it

Each sentence was syntactically ambiguous in
that the adjective could either be combined with the
preceding verb (left attachment, resultative function)
or the following noun (right attachment, modifying function). The resulting differences in syntactic phrasing are disambiguated via prosodic boundary placement (c.f. [17], [11]). With reference to the
ICE-GB corpus [9] and the Brown corpus [7] we determined that adjectives occur much more often in a
modifying function than in a resultative construction
(across both corporas: modifying ca. 77%; resultative ca. 4%; others: ca. 19%). Table 2 shows the syntactic and expected prosodic grouping of the V-A-N
sequence and the related syntactic frequency (f/i).
Prosodic boundaries are indicated by the %-sign. In
order to allow for unbiased boundary placement, no
indicator of phrasing was given in the experiment.

2.3. Procedure

Recordings were made at the University of Edinburgh in a sound-treated studio using a high quality microphone. Recordings were digitized with a
sampling rate of 44.1 Kz and a bit depth of 16. All
target sentences (without comma) were presented
in two repetitions and in randomised order to each
participant, resulting in a total of 2668 sentences
(116/speaker) for the boundary placement analyses,
of which 356 were also used for the durational analysis of boundary strength.
2.4. Data analysis

2.4.1. Syntactic choice - placement of prosodic
boundary

Table 2: Variable adjective association resulting
in syntactic ambiguity

First, each utterance was judged by an expert for the
location of the intonational phrase boundary (ToBI
break index: 4 [18]) produced within the V-A-N sequence; i.e., which syntactic structure the speaker
assumed. A second listener judged a subset (40%)
of the data, and 100% agreement was obtained.

Syntax
Sentence
[V] [A N] (f) Whatever you wear % thin farmers can’t ...
[V A] [N] (i) Whatever you wear thin % farmers can’t ...

In addition to lexical and syntactic frequency, a third
measure of language redundancy was obtained by
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Figure 1: Part of the abstract annotation scheme used for the durational analysis
Verb end
V-Rh
V-Co
V-ORh
R-V-...

rhyme
coda
with part of onset
with onset release

Intermediate (IM1 and IM2)
...-R
release
...-P
pause
...-RP
release and pause

Adjective start
A-On onset
A-Cl closure

Adjective end
A-Rh
A-Co/Co1/Co2
A-ORh
A-Nu
R-A-...

rhyme
coda/coda part 1/2
with part of onset
nucleus, not coda
with onset release

Noun start
N-On onset
N-Cl closure

Comment:
Might include aspiration
Missing pause (P) is only indicated if there is an intonational phrase boundary
Both -P/-RP are only indicated if there is no closure following

In a second step we determined the extent to
which frequency effects had an impact on the
speaker’s choice of the boundary position by means
of an independent directional Wilcoxon rank sum
test.

explicitly mark the segmental composition of a subinterval and enabled us to include the sub-intervals
for statistical analysis. The resulting duration intervals were extracted automatically and analysed
with respect to the lexical, syntactic, and bigram frequencies, and the bigram ratio, as discussed above.
For the statistical analysis of the durational measurements, we used a linear mixed effects regression
model (lmer), with the respective frequency effects
as fixed factors and subjects and items as random
factors (adjustment of intercepts; a model with random slopes did not converge).

2.4.2. Duration and language redundancy
A further goal of this study was to determine the impact of lexical and syntactic frequency on boundary
strength as measured by the duration of a boundaryrelated interval. In order to be able to compare
boundary strength as measured durationally under
identical conditions, consistency across repetitions
and sets was required. That is, we only analysed
those sentences where the choice of syntactic structure was identical across a complete set of four
sentences and both repetitions. While consistency
across repetitions was quite high (mean: 82% with
lowest: 58% and highest: 93%), consistency across
all members of a quadruplet was lower (356 sentences across the subset of 10 speakers).
These 356 utterances were hand-coded in Praat
[6] for duration and repetition (1 or 2). Since we
wanted to measure the impact of language redundancy on the strength of prosodic boundaries, we
annotated intervals that spanned parts of the VA and
AN sequence that are known to be most affected by
boundary-related lengthening [22], under the constraints of segmentation reliability [20]. That is, an
interval that included the coda or rhyme of the first
word in the VA or AN sequence, the pause (if any),
and the onset consonant constriction of the second
word. For example, for the VA sequence cropped
flat, we annotated the interval from the release of
the /k/ in cropped to the release of the /f/ in flat.
In order to determine which parts of a particular interval are affected most by frequency effects,
we furthermore annotated the three parts of each interval separately. In doing so, we used an abstract
annotation scheme (Figure 1), which allowed us to

2.5. Results

The following results are calculated on the basis of
repetition 1 (1314 sentences for the placement of the
prosodic boundary, 178 for the durational analysis).
2.5.1. Syntactic choice
Contrary to the expectations based on syntactic
frequency, speaker’s choice between [V]%[AN]
and [VA]%[N] was almost equally distributed
(V%AN=55%, VA%N=45%). A Wilcoxon rank
sum test showed that speakers prefer the infrequent
VA%N structure in the presence of a highly frequent
verb (p < 0.001, r=0.19) or a high VA bigram frequency (p < 0.001, r=0.22). The frequent structure
V%AN is preferred if the noun is highly frequent
(p < 0.05, r=0.07) or if there is a high AN bigram
frequency (p < 0.001, r=0.09).
2.5.2. Duration results
We calculated the duration for the whole V-A and AN intervals and the individual sub-intervals for both
syntactic/prosodic boundary placement patterns: a)
[V] [A N] ↔ V%AN, where the prosodic boundary
is placed after the verb, and b) [V A] [N] ↔ VA%N,
where the boundary is placed between the adjective
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and the noun.
For V%AN, the overall interval analysis did not
return any significant results. For the sub-intervals,
a linear mixed effects regression model showed that
the duration of the verb coda increased by 15 ms
(β =0.015) if the verb was infrequent (SE=0.006,
t=2.5, p < 0.05) and that the duration of the noun onset increased by 10 ms if the AN bigram frequency
was low (β =0.01, SE=0.004, t=2.3, p < 0.05)

p < 0.001). The opposite effect was found for the
noun onset following the phrase boundary; duration
increased when the AN frequency was low (in comparison to the VA frequency) (β =0.018, SE=0.005,
t=3.27, p < 0.01).
3. DISCUSSION AND CONCLUSION
Results are consistent with the assumptions made
by the Smooth Signal Redundancy Hypothesis in
that an inverse relationship between language redundancy and durational measurements influences the
prosodic boundary related intervals. Lexical verb
frequency affected the verb coda in V%AN and the
VA interval in VA%N. AN bigram frequency affected the AN interval in V%AN, the VA bigram frequency affected the interval in VA%N. The VA%N
pattern furthermore showed an interaction between
the two bigram frequencies, in that the duration of
the VA interval decreased if the VA bigram frequency was high and the following AN bigram frequency was low, which reduces the chance of the
adjective being wrongly grouped with the noun by
the listener.
In contrast to corpus-based investigations, speakers’ choice of intonational phrase boundary placement was relatively evenly distributed across both
possibilities. This may be an artefact of our experimental situation in which resultative meanings were
suggested by the linear word order in our materials
(in contrast to real world situations, where resultative contexts occur less often). With respect to the
durational measurements, the two patterns showed
clear differences in that the results for the corpusinfrequent pattern VA%N were generally more reliable and included an interaction between bigram
frequencies, in that frequent VA bigrams were significantly shorter if the following AN frequency was
low.
We conclude that frequency effects on different levels influence the strength of the intonational
phrase boundaries and intonational-phrase medial
word boundaries as measured by the durations of
the boundary-related intervals. These effects were
more reliable for the VA%N structures (infrequent
syntax), and appeared to be driven more by language
redundancy relating to the verb, rather than the noun.

Figure 2: Durational measurements of the verb
coda and the noun onset (V%AN)
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For VA%N, with the boundary after the adjective,
the duration of the overall VA interval increased with
lower verb frequency (β =0.023, SE= 0.009, t=2.65,
p < 0.05) and lower VA bigram frequency (β =0.029,
SE=0.01, t=2.96, p < 0.01).
Figure 3: Durational measurements of the VA interval (pattern VA%N)
VA duration
0.35
0.25
0.05

0.15

seconds

0.25
0.15
0.05

seconds

0.35

VA duration

V−freq

V−infreq

Verb frequencies

VA−high

VA−low

VA bigram frequencies

When looking at the sub-intervals of the VA interval, the same effect of lexical verb frequency
(β =0.023, SE= 0.008, t=2.8, p < 0.05) and VA bigram frequency (β =0.023, SE=0.008, t=2.8, p <
0.01) was found with the verb coda, but not with
the onset of the adjective. Furthermore, both intervals, the VA interval and the sub-interval of the
verb coda were significantly shorter if the VA bigram frequency was higher than the AN bigram frequency (VA-interval: β =-0.019, SE= 0.009, t=-2,
p=0.05; verb coda: β =-0.029, SE= 0.007, t=-3.97,
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ABSTRACT
This EMA study examines kinematic characteristics
of preboundary lengthening (PBL) in CV.CV and
CV.CVC contexts in Korean. Almost all lip
closing/opening gestures – both proximal and distal
to the prosodic juncture and regardless of phonetic
contents and information status of the word – showed
preboundary lengthening although in a gradient
fashion. The articulatory lengthening was largely
accompanied by an increase in both displacement and
peak velocity. There was a mutual dependence of
displacement and peak velocity, but when the
dependence was factored in, the boundary-related
spatial expansion remained significant while the
effect on peak velocity disappeared. The results thus
characterize the preboundary effects in Korean as a
kind of articulatory strengthening in both the spatial
and temporal dimensions distributed over the entire
word than being localized to the gestures near the
prosodic juncture. Some implications for dynamical
underpinnings of PBL will be discussed.
Keywords: prosody, speech dynamics, articulatory
kinematics, preboundary lengthening, Korean
1. INTRODUCTION
Preboundary lengthening (PBL) refers to the
boundary-related temporal expansion toward the end
of a large prosodic unit (e.g., Intonational Phrase (IP))
compared to that of a small unit (e.g., prosodic word)
[12]. While PBL is observed nearly universally, its
detailed phonetic implementation differs across
languages [13,16,17], suggesting that the effect
should be fine-tuned in the phonetic grammar of each
language possibly in conjunction with other higherorder linguistic structures in a given language.
One linguistic factor that influences PBL in a
language-specific way is the prominence system of
the language. Unlike early findings which showed
that PBL in English is localized to the phrase-final
syllable [2,18], recent studies have found that
lengthening can be extended to a non-final stressed
syllable within a phrase-final word [9,15,17]. Similar
stress attraction effects are reported in other
languages as well [13,16]. In addition, from an
articulatory gestural point of view, articulatory
strengthening of lip opening gesture in IP-final
position may disappear under prominence — i.e.,
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when the boundary-adjacent syllable is pitchaccented, which can be seen as a ceiling effect [15].
While acoustic and articulatory properties of PBL
in head-prominence languages were widely
investigated with respect to prominence marking,
studies on PBL in languages without lexical-level
prominence have been very limited.
The present study investigates the domain of PBL
in Korean in conjunction with information structure
that is known to affect PBL. Korean does not have
lexical-level prominence, but it is well-known for the
robust phrase-initial strengthening effect compared to
other languages, showing an extension of the phraseinitial strengthening effect even to the non-initial
segments [7, 10,11]. This extended domain-initial
effect has been considered to be attributable at least
in part to the lack of the lexical prominence system in
the language [10,11]. The present study explores this
possibility further by examining how the prominence
that may arise with information structure (‘new’ vs.
‘given’) may influence the phonetic implementation
of PBL, and the extent to which the result may be
interpreted as being driven by the characteristics of
the language-specific prominence system in Korean.
In exploring these questions, additional questions will
be considered as to how the scope of PBL may be
further influenced by different vowel contexts
(intrinsically long /i/ vs. short /a/) and the syllable
structure at the end (closed vs. open), which have
been also known to influence the scope of PBL [e.g.,
16].
2. METHOD
2.1. Speech materials

There were eight test words: /mami/, /mima/, /p*ap*i/,
/p*ip*a/, /mamim/, /mimam/, /p*ap*ip/, /p*ip*ap/.
They were all pseudo-words, which were introduced
as pet names in the mini dialogue shown in Table 1.
Note that the words included two bilabial consonants
(C-type: /m/ or /p*/) to test whether the PBL effect is
generalizable across consonants. They also differed in
terms of vowel sequences (V-pattern: /CaCi/ or
/CiCa/), which was done to test whether and how PBL
is affected by the intrinsic durational difference
between a high and a low vowel. In addition, two
different syllable structures (WordType: CV.CV or
CV.CVC) were used in order to observe the scope of
PBL in words with open vs. closed final syllables.

Test words appeared in four types of sentences
which were answers to questions (A’s in Table 1).
The sentences were designed to induce the intended
prosodic boundary (Boundary: IP-final vs. (IPinternal) Wd-final) and information structure (Info:
given vs. new). By manipulating information
structure, we intended to elicit two different
prominence levels. In the “given” condition, the test
word was expected to be weakened as it was part of
the given information in the question and the narrow
focus fell on a following word (e.g., ate, rat). In the
“new” condition, all words in the answer contained
new information as the question prompted broad
focus whose domain was the whole sentence. In all
test sentences, the test word was preceded by an /ɛ/final word and followed by either [pinu], ‘soap’, or
[patʃi], ‘pants’, in a way that the following word had
a bilabial onset and continued the V-pattern.
Table 1: Examples of test sentences. Test words are
underlined. Focused words are marked in bold.
Boundary=IP-final
Info
Q: [jʌŋmaninɛ mima IP pinu ʌtʃ*ɛt*ɛ]
=given
“What did Youngman’s Mima do with the soap?
A: [jʌŋmaninɛ mima IP pinu mʌgʌt*ɛ]
“Youngman’s Mima ate the soap.”
Info
Q: [musɨn il is*ʌt*ɛ]
=new
“What happened?”
A: [jʌŋmaninɛ mima IP pinu mʌgʌt*ɛ]
“Youngman’s Mima ate the soap.”
Boundary=Wd-final
Info
Q: [jʌŋmaninɛ mima wd pinu nuga mʌgʌt*ɛ]
=given
“Who ate Youngman’s Mima’s soap?”
A: [jʌŋmaninɛ mima wd pinu tʃwiga mʌgʌt*ɛ]
“A rat ate Youngman’s Mima’s soap.”
Info
Q: [musɨn il is*ʌt*ɛ]
=new
“What happened?”
A: [jʌŋmaninɛ mima wd pinu tʃwiga mʌgʌt*ɛ]
“A rat ate Youngman’s Mima’s soap.”

Items were blocked by C-type and V-pattern to
help participants recognize the test words. Prosodic
renditions were later cross-checked by three trained
phoneticians, which confirmed that all tokens were
produced with intended prosodic structure. In total,
1280 tokens were collected (8 words x 2 boundary x
2 information x 4 repetition x 10 speakers).
2.3. Measurement

Lip closing/opening gestures were obtained from the
Euclidean distance of the sensors on the upper and
lower lips (i.e., Lip Aperture). Peak velocity
(PKVEL), displacement (DISP), and duration values
were obtained using the standard EMA measurement
processes [11]. First, PKVEL (in mm/s) was the
maximum velocity value during the movement phase.
The onset and target were defined as the time points
when the velocity during the acceleration or
deceleration reached 20% of its maximum velocity,
respectively. DISP (in mm x 100) represents the
distance between the onset and target. Duration (in ms)
was taken from the movement onset to the onset of
the following movement (thus including the plateau).
3. RESULTS
Note that five tokens were removed from both the
duration (Section 3.1) and the DISP/PKVEL analyses
(Sections 3.2 and 3.3) due to missing PKVEL values.
Additionally, data from 1 female participant (N=128)
were excluded in the DISP/PKVEL analysis due to
measurement errors in DISP. Thus, 1,275 tokens were
submitted to the duration analysis and 1,147 tokens to
the DISP/PKVEL analysis.
3.1. Gesture duration

2.2. Procedure

Articulatory data were collected from ten native
speakers of Seoul Korean (5 male and 5 female
college students) using a 2D Electromagnetic
Midsagittal Articulography (Carstens AG200).
Sensors were attached on various articulators
including the upper/lower lips.
In each trial, participants heard a pre-recorded
prompt question and read the corresponding answer
presented on a computer screen. Note that
orthographic schemes were used to induce the
intended sentences. IP-final position was marked by
a comma, and Wd-final without a space between the
test word and the following noun. Words receiving
focus were written in red. In the “new” condition, all
words were written in red because the sentence was
an answer to a broad focus question. Each participant
had a practice session on a different day prior to the
experiment.
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A series of linear mixed effects model were fit
separately to duration of each gesture in CVCV and
CVCVC words (thus 9 models in total). Fixed effects
were Boundary (Wd vs. IP), V-pattern (AI vs. IA),
Info (given vs. new), and all their 2-way and 3-way
interactions. In addition, C-type (M vs. P) was
included as a control variable. The underlined
categories above were the reference level, and all
factors were deviation-coded. The maximal random
effects structure justified by the design [1] was
employed as long as the model converged (i.e., bysubject intercept and slopes for all test variables). In
case of non-convergence, slope for Info was removed,
which had the smallest variance. All significant
effects of the test variables are summarized below. A
full presentation of the structure and output of all
models
can
be
found
at
http://tcho.hanyang.ac.kr/kim-baek-cho-kim2019_supplementary.

As for the Info, lengthening occurred when the
test word provided new information in the final
closing gesture of both word types: Close2 of CVCV
(β=2.99, p=.007) and Close3 of CVCVC (β=11.43,
p=.003). Boundary:Info interaction was found at
Close3 of CVCVC: the magnitude of IP-final
lengthening increased when the test word was new
information (β=17.32, p=.034).
In further analysis, significant boundary effects
were found in all gestures even when all subsets of
the data were tested separately, except for Open1 for
IA in CVCV words. This is also indicated by the
above-mentioned Boundary:V-pattern interaction,
which is attributable to the word-internal truncation.
Thus, PBL seems to be generalizable across all
conditions tested in this experiment.

Figure 1: Mean gesture durations. Close/Open
represent the lip movement direction, and numbers
the order of occurrence (e.g., Close1 refers to the
first lip-closing gesture). Error bars represent
standard errors. Coefficients of the boundary effect
estimated from mixed modelling are given for each
gesture.

3.2. Displacement and peak velocity

The positive coefficients for a main effect of
boundary in Figure 1 indicate that all gestures in both
word types were lengthened IP-finally (p=.011 for
Open1 in CVCV, p<.001 elsewhere). The relatively
small effect in Open1 of both word types was
presumably due to word-internal truncation of Open1.
There were some indications of an effect of vowel
content. First, when producing the phonetically-short
first vowel /i/ (i.e., IA type), its opening gesture was
not shortened (also possibly due to the truncation) but
its consonantal Close1 gesture showed a preparatory
shortening (β=-6.589, p<.001 in CVCV; β=-4.578,
p=.027 in CVCVC). Second, Boundary:V-pattern
interaction in Open1 indicated a decreased boundary
effect for the short first vowel /i/ than long /a/ (β=3.31, p=.038 in CVCV; β=-3.45, p=.011 in CVCVC).
Similarly, the interaction in Open2 of CVCVC (but
not CVCV) showed a greater boundary effect for the
long second vowel /a/ (β=18.71, p=.004).
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DISP and PKVEL values are plotted in Figure 2. The
two variables were highly correlated in Kendall’s tau
test (p<.001 for all gestures). Mixed effects models
were separately fit to DISP and PKVEL values of
each gesture with the identical model structure as in
3.1. All variables were centered in analyses below.
Positive coefficients of a main effect of Boundary
on DISP indicate that the lip aperture was larger IPfinally than Wd-finally in all gestures but Close1 of
both word types. Peak velocity was also higher IPfinally than Wd-finally, and in CVCVC this effect
began earlier at Close2. A progressive effect was
evident in both measures: the coefficient and
significance level gradually increased as approaching
to the final gesture.
In the IA vowel sequence, DISP and PKVEL
decreased in Open1 and Close2 but increased in
Open2 and Close3 (p<.001 for all). In the new
information condition, both measures tended to

increase in general (reaching significance in 6
gestures for DISP and 7 gestures for PKVEL). Taken
together with the results of duration, main effects of
V-pattern and Info on DISP and PKVEL indicate that
temporal and spatial patterns are systematically
conditioned by vowel length or information status.
Interactions with Boundary, however, patterned in
an opposite direction of the duration analysis. First,
V-pattern interacted with Boundary in Close3 of
CVCVC; the boundary effect on PKVEL decreased
in words with a long second vowel /a/ (i.e., IA) (β=51.28, p<.001). Second, Boundary:Info interaction in
Close3 of CVCVC indicated a smaller boundary
effect on DISP (β=-82.30, p=.002) and PKVEL (β=21.33, p=.001) for words produced as new
information.
3.3. The nature of the spatial expansion

The analyses above demonstrate a robust boundaryinduced strengthening effect on both displacement
and peak velocity. However, since they co-vary, it is
possible that one effect has arisen as a consequence
of the other. To test this, DISP was regressed for each
gesture, with PKVEL as an additional control factor.
A main effect of Boundary turned out to remain
significant in all models except the ones fit to Close1
of both word types (p=.006 in Open1 of CVCV,
p<.001 elsewhere), indicating that the spatial
expansion did not depend on the change in peak
velocity. In contrast, when models were fit to PKVEL
with DISP as a control factor, a reverse effect was
found (i.e., PKVEL decreased IP-finally) in all
gestures from Open1, except Close2 and Open2 in
CVCVC (with varying significance levels). Thus, the
increase in peak velocity was largely attributable to
the variance predicted by displacement, and peak
velocity would have decreased if the gesture had
travelled an equal distance during the lengthened
activation time in IP-final position.
4. DISCUSSION AND CONCLUSION
First, our results showed that the PBL effect in
Korean is gradient, and it is distributed over almost
the entire sequences of lip opening/closing gestures in
bisyllabic words, regardless of the segment type
(intrinsically long /i/ vs. short /a/), the syllable
structure (closed vs. open at the end) and the
information status of the test word (‘given’ vs. ‘new’).
From an articulatory gestural point of view, the
durational findings can be explained by the π-gesture
model [5], to the extent that the degree of lengthening
is generally observed to be the greatest near the
juncture and gradually decreases in distant position.
Our findings, however, are inconsistent with a view
that a fixed prosodic π-gesture duration is assigned to
a given boundary level [4]. Together with previous
findings that post-boundary effects in Korean extend
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to the second syllable [10, 11], the results suggest that
cross-linguistically variable scopes of boundary
effects need to be specified in dynamical models.
In line with [6, 14], we interpret the results as
driven by the prominence system in Korean. In the
languages with lexical prominence, for example,
boundary strength may not be able to exert its
influence on the boundary-adjacent vowel gesture
when the stressed vowel is in the phrase-final syllable,
drawing prominence-induced strength [8, 15].
Korean, without such prominence system, appears to
have more freedom to assign boundary strength to
gestures within the π-gesture’s maximal reach. More
broadly, these results are consistent with the view that
prosodic boundary markings in Korean are closely
related with prominence markings, in such a way that
the boundary gives rise to temporal expansion across
the board, whose phonetic consequence (salience)
may give prominence to the word at the prosodic
juncture.
Next, the preboundary effects observed in the
present study show an increase in both displacement
and peak velocity. This sort of kinematic
strengthening is therefore not attributable to stiffnessmodulation which is often considered as dynamical
underpinning of PBL (cf. [2, 3]). The results appear
to be more consistent with in the clock-slowing-down
modulation of the π-gesture model. That is, given the
elongated activation time near the edge, gestures were
made with more faithful target attainment without
being truncated by neighbouring gestures. The
increased peak velocity may be understood by its
kinematic relationship with displacement. In line with
[15], our data indicated that the effect on
displacement remained when its mutual dependence
with peak velocity was taken into account but not vice
versa. This relationship leads us to characterize the
strengthening effect as driven by spatial expansion
due to sufficient activation time. Note, however, that
such a process does not necessarily entail an increase
in peak velocity. Therefore, one cannot entirely rule
out an alternative interpretation. That is, the
boundary-related spatial modulation may operate
under the speaker control in accordance with the
boundary strength. For example, the increased
displacement and peak velocity may have arisen due
to an extended articulatory target that modulates
intergestural timing within the given temporal
quantity. It remains to be seen whether phrase-final
strengthening patterns in both displacement and
stiffness are generalizable in languages in which the
boundary strength does not interact with lexical-level
prominence.
In sum, the articulatory patterns observed in this
paper characterize the preboundary effects in Korean
as prosodic strengthening in both the spatial and
temporal dimensions distributed over the entire word.
These characteristics are interpreted as arising from
the language-specific prominence system.
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ABSTRACT
This study investigates individual differences in the
weighting of phonetic properties in the production of
prosodic boundaries in American English. The
motivation of the study is to inform understanding of
individual speaker variation and its accommodation
in the representation of prosodic structure. In an
acoustic study, 32 speakers produced 16 sentence
pairs differing in type of boundary (Intonational
Phrase (IP) boundary vs. Word boundary). Pause
duration, phrase-final lengthening (three syllables
before the boundary), phrase-initial lengthening (one
syllable after the boundary), and pitch reset were
examined. The results showed substantial individual
differences in (1) which segmental and
suprasegmental properties speakers phonetically
modulated to produce IP boundaries, and (2) the
scope and the degree of such modulations.

The goal of this study is to delineate
individual differences in the production of
Intonational Phrase (IP) boundaries in American
English, in order to understand how such variation is
accommodated in the representation of prosodic
structure. The current work is based on the
understanding that individual speakers differ
systematically from each other in how they convey
prosodic structure, and focuses on how these
individual speaker differences are manifested in the
production of prosodic boundaries of American
English. The main hypothesis is that individual
speakers will show substantial variation in the
phonetic features used and in the degree to which
those features are used to express the IP boundary. An
acoustic study involving 32 speakers of American
English was conducted to investigate this hypothesis.
2. METHODS
2.1. Stimuli

Keywords: individual difference, prosodic structure
1. INTRODUCTION
A phonological contrast is typically realized through
multiple phonetic characteristics. Previous research
has identified a set of primary acoustic properties that
are relevant for marking different types of prosodic
boundaries, such as pause duration, the lengthening
of boundary-adjacent acoustic segments or
articulatory gestures, and pitch reset ([7], [9], [10]).
However, it is unclear how these different properties
combine in the production of prosodic boundaries.
This is in part due to large, and relatively unexplored,
individual variation in the production of prosodic
boundaries (e.g., [4], [5], [8]).
For example, [5] showed that speakers
overall had greater linguopalatal contact for syllableinitial /n/s at larger prosodic phrases than those at
smaller phrases, but individual speakers differed in
how they distinguished the prosodic units by the
degree of linguopalatal contact. [4] examined
temporal and spatial dimensions of boundaryadjacent articulatory movements as well as the
temporal scope of boundary effects, and their
articulatory and acoustic results revealed large
variations among the speakers.
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Eight sentence pairs were constructed, differing in
type of prosodic boundary (IP and Word boundary)
and consonants used in the target words (/m/ in
‘maMIma’ and /n/ in ‘naNIna’) creating four
conditions. To increase the variability, each of the
four conditions included two different sentences, that
systematically varied in the post-boundary target
word (‘Melinda’ or ‘Belinda’ after ‘maMIma’,
‘Navarro’ or ‘Delilah’ after ‘naNIna’). The preboundary target words were presented to participants
as ‘maMIma’ and ‘naNIna’ (the upper case signalled
location of lexical stress) and described as novel
names.
In the example below, the acoustic properties of
the target word ‘maMIma’ and the first syllable of the
post-boundary target word ‘Melinda’ were under
investigation. The first part (A) of the dialogues
provided the context for the target sentence pairs (B).
The boldfacing in (B) signalled location of
contrastive focus.
(a) A: The paramedic called maMIma. # Melinda and
Peter said no one got hurt.
B: No, the police called maMIma. # Melinda and
Danny said no one got hurt. (# denotes IP
boundary)

(b) A: The paramedic called maMIma # Melinda.
And Peter said no one got hurt.
B: No, the police called maMIma # Melinda.
And Danny said no one got hurt. (# denotes Word
boundary)
2.2. Participants and experimental procedure

Acoustic recordings were made of the production of
32 native speakers of American English. Participants
were given the same verbal instructions about the
target sentences. They were asked to silently read the
context sentence first, and then read aloud the test
sentence (B). The sentence pairs appeared on the
monitor one at a time in a pseudo-randomized order
in blocks of 16 sentence pairs (with half of the data
collected as part of a separate experiment). Each pair
was repeated nine times, for a total of 2,304
utterances (8 sentence pairs * 9 repetitions * 32
speakers).
2.3. Analyses

all LM models, BOUNDARY (IP vs. Word) was
included as a fixed effect, while SPEAKER was
included as a random effect. CONSONANT TYPE (CTYPE) was included as an additional fixed effect if
including the variable was found to significantly
improve the fit of the model based on the results of a
series of Chi-square tests. C-TYPE was included as a
fixed effect in the models for Syllable 3 (S3) and
Syllable 4 (S4), but not for Syllable 1 (S1) and Δf0.
For S2, both C-TYPE and the interaction between the
two fixed effects were included.
To assess the boundary effect on syllable
durations and Δf0 within individual speakers, Linear
Regression (LR) models were used. For syllable
durations, two explanatory variables (BOUNDARY
and C-TYPE) were included in the model that tested
whether the mean syllable duration is predictive of
the variable. For Δf0, there was one explanatory
variable (BOUNDARY). All statistical models were
fitted and analysed using R.
3. RESULTS

The pre-boundary target word and the first syllable of
the post-boundary target word were segmented and
labelled using Praat ([1]). The durations of these
segments were measured in order to examine
boundary-adjacent lengthening. The silent interval
following the target words in the IP boundary
condition was also measured. For pitch reset, the
minimum f0 values in the syllables before and after
the boundary were extracted in Hz. The difference
between these two f0 values in each utterance was
calculated (Δf0 = post-boundary f0 (Hz) – preboundary f0 (Hz)). A positive Δf0 indicated presence
of pitch reset across boundary, whereas negative or
zero Δf0 indicated absence of pitch reset. An example
of the measurements is shown in Figure 1.
Figure 1. Example of the temporal and pitch
measurements for ‘maMIma # Melinda’, in which #
denotes IP boundary.

3.1. Across all speakers

The output of the LM models showed that, across
speakers, S1 duration did not significantly differ
depending on the type of boundary (p=.142), while
the durations of S2, S3, S4 showed a boundary effect.
S2 and S3 were lengthened in the IP boundary
condition compared to the Word boundary condition
(p<.001 for both), whereas S4 was significantly
shorter in the IP boundary condition (p<.001). The
effect of C-TYPE was significant in S3 and S4, such
that S3 duration was longer when the pre-boundary
target word was ‘maMIma’ compared to ‘naNIna’
(p<.001), and S4 duration was shorter when the preboundary word was ‘maMIma’ than when it was
‘naNIna’ (p<.001). On the other hand, the analysis of
the LM model for Δf0 showed that, across speakers,
there was larger pitch reset across the IP boundary
than across the Word boundary (p<.001).
3.2. Individual speakers

A set of Linear Mixed-effects (LM) models tested
whether the duration of each of the four syllables
depends on type of boundary across all speakers. In
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The output of the LM models performed for each
participant revealed substantial differences among
individual speakers. First, the analysis of the LR
model for Δf0 found that, in three out of 32
participants, the pitch reset across IP and Word
boundaries did not significantly differ. Out of the
remaining 29 participants who showed significant
differences on the size of reset across the two
boundary types, three participants had negative
values of Δf0 across IP boundary, meaning that the f0
extracted in the pre-boundary syllable (S3) was on
average greater than the f0 in the post-boundary

syllable (S4). A gradient distribution of mean Δf0 (Hz)
of the 32 speakers in the IP boundary condition is
represented in Figure 2.
Figure 2. Individual speakers’ mean Δf0 (Hz) in the
IP boundary condition. X axis represents 32
individual speakers. The leftmost six speakers in the
grey box did not show significantly different pitch
reset sizes between the IP boundary and the Word
boundary conditions.

Pause durations averaged across individual speakers
are distributed in a gradient manner, as represented in
Figure 3.
Figure 3. Individual speakers’ mean pause duration
(ms) in the IP boundary condition. X axis represents
32 individual speakers.

addition, three participants showed lengthening in S3
and shortening in S1 in the IP compared to the Word
boundary condition. Three other participants also
showed shortening; one participant had shortening in
S1 and lengthening on S2 and S3, while the other two
participants had shortening in S2 and lengthening in
S3. The remaining two participants showed
lengthening in all three pre-boundary syllables.
The first syllable of the post-boundary target
word (S4) also showed more than a single pattern.
Twenty-three participants significantly shortened S4
duration in IP than Word boundary condition, while
one participant significantly lengthened S4 in IP than
in Word boundary condition. The remaining 9
participants did not show boundary effect on S4
duration.
Figure 4 shows all 32 participants’ mean
values of the three acoustic measurements in three bar
graphs. In the left graph, the horizontal bars represent
S1-S3 durations of the pre-boundary target word and
S4 duration of the post-boundary target word. The
interval between the vertical guidelines in light grey
is 100ms. The graph in the middle represents mean
pause duration in the IP boundary condition. Again,
the interval between the vertical guidelines is 100ms.
The graph on the right represents mean Δf0 in the IP
boundary condition (light grey bars) and in the Word
boundary condition (black bars). The six participants
with asterisk (*) are those who did not use Δf0 to
differentiate IP boundary and Word boundary. The
interval between the vertical guidelines is 25Hz.
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The individual results for syllable duration showed
that the scope of the phrase-final lengthening effect
substantially varied across participants. For all
participants, the phrase-final syllable (S3) was
significantly longer in the IP boundary than in the
Word boundary condition. However, the scope of the
lengthening effect substantially varied across
participants. For 15 participants, both S2 and S3 were
subject to the lengthening effect. For nine participants,
lengthening did not extend leftwards beyond S3. In
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Previous studies have documented significant interspeaker variation in the effects of prosodic boundary.
However, the results of such studies have tended to
focus on the differences between group averages. The
current study systematically investigated how
individual speakers vary in the effects of prosodic
boundary in the acoustic dimension.
The results showed that there is robust individual
variation in terms of the type of acoustic correlates
used to differentiate prosodic boundaries, suggesting
that individuals encode prosodic structure differently.
All speakers produced pauses at IP boundaries, but
the pause durations varied across speakers in a
gradient manner. Six out of 32 speakers did not
produce IP boundary with a positive pitch reset,
unlike the other 26 speakers. As for phrase-final
lengthening, while all speakers employed phrasefinal lengthening to some extent, they varied in how
far the effect extended leftwards from IP boundary,
indicating that the scope of lengthening is not uniform
across speakers.

Figure 4. Mean values for syllable durations (Syl.Dur.), pause duration, and Δf0 for all 32 speakers.

For a subset of participants, phrase-final lengthening
was accompanied by shortening in pre-boundary
syllables (S1 and S2) and/or a post-boundary syllable
(S4). Again, there was variation within these
participants regarding which syllable(s) was
shortened. The shortening is likely to be a
compensatory consequence, rather than a process
independent from the lengthening effect ([4], [6]).
There are a number of implications for the
current study. First, the mixed results of previous
studies on the production of prosodic boundaries
might be due to systematic inter-speaker variation
that needed to be taken into account. The current
study showed that there seems to be no apparent
relationship between how speakers modulated
boundary-adjacent syllable durations and whether
and how they used other acoustic correlates for IP
boundary, such as pause duration and pitch reset
(Figure 4). Moreover, the results of the current study
suggested continuous extension of the lengthening
effect of the IP boundary over a certain interval
without skipping a syllable, as expected under the π-
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gesture model ([2]). In addition, the study provides
evidence for (compensatory) shortening at prosodic
boundaries, adding to the small body of research that
has identified this effect. Lastly, current models of
prosodic structure need to accommodate the fact that
individuals
may
vary
significantly
while
systematically modulating the acoustic correlates
relevant for encoding a prosodic contrast.
6. CONCLUSION
The current study investigated the effect of two types
of prosodic boundaries on a set of acoustic correlates.
The analysis of the data at the level of individual
speakers showed substantial variation among
speakers, and revealed patterns of phrase-final
lengthening that were not observed in the group-level
analysis. The results of the study highlighted
individual differences that need to be accounted for in
different models of prosodic structure.
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ABSTRACT
During speech perception, listeners adjust
expectations when given social information about a
speaker; this effect has been demonstrated using
many socially indexed phonetic cues. Previous
sociophonetic studies have identified lengthened /s/
as one acoustic correlate of gay(-sounding) speech.
This eye-tracking study examines a) how
information about a speaker’s social identity affects
listeners’ time course of lexical activation and b) how
listener experience mediates this process. Participants
completed a categorization task of /s/-lengthened
/CVs/-/CVsC/ minimal pairs in two blocks: the first
presented no information about speaker sexuality; the
second introduced auditory social primes indexing
the speaker as gay.
Effects of social expectation were found as a
function of listeners’ experience with gay speech.
High- and low-experience groups behaved similarly
before social primes were introduced. As predicted,
target fixations were delayed as a result of these
primes, but only by high-experience listeners,
demonstrating the expectation-mediating role of
listeners’ sociolinguistic experience.
Keywords: speech perception, sociophonetics,
priming, social information, eye-tracking
1. INTRODUCTION
1.1. Socioindexical Expectation
During speech perception, listeners are presented
with a rich phonetic signal, which provides linguistic
information as well as information about the
speaker’s identity. The results of sociophonetic
investigations have demonstrated that speakers can
signal social group identification using fine-grained
phonetic details, often below the level of speakers’
consciousness [see 6].
Social information has also been shown to
influence speech perception. Previous research has
shown that social expectations about a speaker’s
gender [25], regional/national identity [18, 15], age
[9], ethnicity [24], and sexual orientation [11, 16],
among other factors [see 7 for a review] influence
listeners' linguistic decisions. Many of these studies
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are grounded within exemplar frameworks, in which
listeners use socially-coded exemplars to make
predictions about upcoming speech.
In an experiment by Strand & Johnson [25], for
example, listeners heard gender-ambiguous tokens on
a continuum from ‘shod’ to ‘sod’ while looking at
either a male or female face. Overall, seeing a female
face elicited more ‘shod’ responses, and seeing a male
face elicited more ‘sod’ responses. This reflects the
difference in /ʃ-s/ category boundaries between men
and women in production and shows that listeners are
able to use social information (in this case, presented
visually) to aid in speech perception.
Some of these studies consider the perception of
speech over the time course of one word or one
segment [5, 27, 15], which allows for fine-grained
measures of processing that can test listeners’
response to sociolinguistic information as it is given
in real time.
1.2 Gay(-Sounding) Speech
Several acoustic correlates have been associated with
gay speech; these include vowel space size [19],
word-final stop release presence [20], phonation type
[21], /s/ spectral quality [16, 29, 4, 14], pitch variation
[8, 12, 28], and /s/ duration [23, 13, 12, 3].
This study uses /s/ duration as the primary
sociophonetic variable of interest. In production,
Linville found that, on average, gay men’s /s/
durations are 17ms longer than straight men’s, across
many phonological contexts [13]. Additionally,
Bouavichith found a similar pattern in production:
when controlled for speech rate, queer men had
significantly longer /s/ durations in /sVC/, /sCVC/,
and /CVsC/ contexts [3]. This difference was not
found in word-final singleton /s/ contexts (/CVs/).
In perception, Levon found that the combination
of two socially encoded acoustic cues—wider pitch
variation and lengthened /s/ segments—could
reliably increase listeners’ valuations that the speaker
was gay [12]. When only one cue was used, however,
valuations were not significantly altered. It seems,
then, that multiple cues may be needed to make this
social valuation.
The present investigation asks if a social cue—
like those used in the socioindexical expectation
literature—can be combined with an acoustic cue to

inform listeners’ perception patterns, as measured
using eye-tracking.
2. METHODS
2.1. Stimuli
Target auditory stimuli consisted of ten monosyllabic
minimal triplets: (i) /s/-final, (ii) /s-stop/ cluster-final,
and (iii) stop-final (e.g., ‘bass’, ‘bask’, ‘back’).
Stimuli were produced by a straight, male, native
speaker of American English.
A single token of each target word was chosen for
the test stimuli. Based on gay speakers’ /s/ duration
rates from Bouavichith [3], waveform editing
techniques were applied in Praat [2] to create three
lengthened, natural-sounding /s/ durations—short,
mid, and long—for each token type (cluster,
singleton). These durations were constant across all
stimuli (e.g., all ‘short’ condition cluster stimuli
(bask, mosque, mast, etc.) had equal /s/ durations).
These /s/ tokens all fell within the range of /s/
durations described as characteristic of gay speech in
prior investigations. The /s/ durations, thus, were
longer in singleton contexts than in cluster contexts.
Three levels were used to ensure variation in the /s/
durations heard by listeners, in order that duration
would not become predictable over the course of the
experiment, while approximating a somewhat
representative sample of speech.
Stimuli were cross-spliced to ensure that
participants heard identical acoustic information for
each target word up to the onset of /s/ (e.g., bass,
bask) or a word-final singleton stop (e.g., back). To
ensure that /s/ was identical in the /CVs/ and /CVsC/
conditions, but that the /s/ in /CVsC/ was not
coarticulatorily affected by the word-final stop, the /s/
for the /CVsC/ stimuli was spliced from the /CVs/
condition; this ensured that there were no spectral,
and only temporal, differences between cluster and
single /s/ conditions. Given the existing literature on
spectral effects on the socioperception of gay speech,
extra care was taken to avoid this confound.
The visual stimuli consisted of greyscale line
drawings, corresponding to each of the 30 target
words.
2.2. Procedure
2.2.1. Participants
Thirty-four male undergraduate students, all native
speakers of American English, participated in this
study. Two participants were excluded (poor overall
performance and technical difficulties); data from 32
participants were included in the analyses.
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2.2.2. Stimuli and procedure
Participants were presented with auditory stimuli
over headphones, and their eye movements were
recorded using a remote monocular eye-tracker
(EyeLink 1000 Plus, SR Research).
The experiment consisted of five blocks of 48
stimuli. During trials, participants were presented
with two images (target and competitor),
corresponding to two of the three words in each
minimal triplet. There were three trial types: singleton
/CVs/ vs. stop (e.g., ‘bass’/‘back’), cluster /CVsC/ vs.
stop (e.g., ‘bask’/‘back’), and singleton /CVs/ vs.
cluster /CVsC/ (e.g., ‘bass’/‘bask’). Image positions
were counterbalanced across trials. The critical trials
used for analysis were the singleton (/CVs/) vs.
cluster (/CVsC/) contexts. A sample screen of a trial,
in which ‘bass’/‘bask’ was the target/competitor pair,
can be seen in Figure 1. There were 120 critical trials
throughout the experiment.
Figure 1: Sample
(‘bass’/‘bask’).

screen

of

visual

stimuli

Each trial lasted approximately 10 seconds and
consisted of the following sequence, in which all
auditory stimuli were produced by the same speaker:
1. Both images were shown with the
accompanying audio: “Look at each image.”
2. After 2000ms, a filled red circle appeared in
the center of the screen with the audio
“Look at the middle dot.”
3. While the dot was still on the screen,
participants then heard “My [relation] told
me: ‘Now, look at ____.”
4. Immediately before the auditory target word
was heard, the red dot disappeared from the
screen. Recording continued for 3000ms
following the disappearance of the red dot.
The priming of social information took place in the
second half of the experiment, with a manipulation of
the [relation] term. In the first half of the experiment,
the [relation] in the presentation phrase was socially
neutral: participants heard ‘brother’, ‘mother’,

‘father’, and ‘friend’. Halfway through the
experiment, two additional relationship terms—
‘boyfriend’ and ‘partner’—were added to prime the
male speaker’s sexual orientation. Each target word
in the critical trials was presented six times: three
(three length conditions) in the pre-exposure phase
and three in the post-exposure phase. This resulted in
30 cluster stimuli and 30 singleton stimuli in each half
of the experiment.
To gauge participants’ experience with gay
people and gay speech, participants also completed a
demographic survey that asked them to provide their
sexual orientation, as well as a rating of their
connectedness to the LGBTQ community, on a tenpoint scale (to serve as a proxy for language
experience). These data were later recoded in binary
terms (queer/non-queer and high-/low-experience).
This survey was administered at the end of the testing
session.
2.3. Measures and Predictions
The eye movements of each participant were
monitored throughout the trial, and a critical
interval—from 200ms to 1000ms after the onset of
the /s/ in each target—was used for analysis. The
dependent variable was the proportion of correct
fixations over time. Trials were analyzed using
exposure phase as a grouping factor (before and after
social primes were introduced).
After social exposure, participants who are more
experienced with gay speech are expected to use this
experience to anticipate longer /s/ durations and delay
their looks to a target. Low-experience participants,
however, are not expected to show change between
exposure phases.
Because phrase-final singleton /s/, like all phrasefinal segments, is generally lengthened and therefore

possibly less socially marked in /CVs/ contexts,
greater pre- vs. post-exposure differences are
predicted for cluster conditions (i.e., when listeners
heard ‘bask’ in a critical trial) than for single /s/-final
conditions (i.e., ‘bass’). This is supported by
production data, which shows a significant difference
between gay and straight men’s /s/ durations in
/CVsC/ but not /CVs/ words [3]. Across the three /s/
duration conditions, the highest degree of ambiguity
between phrase-final lengthening and socially
motivated lengthening is predicted for the most
lengthened /s/ conditions. Therefore, it is predicted
that the long /s/ condition will elicit the strongest
effect of socioindexical expectation.
3. RESULTS
3.1. Demographic Results
Of the 32 participants included in analysis, five
reported a sexual orientation other than ‘straight’.
Due to high imbalance between groups, this was not
used as a factor in analysis.
The experience metric ranged from 1 to 8, with a
mean of 4.26. This scale was converted to a binary
high- vs. low-experience metric, where high ≥ 5.
3.2. Eye-Tracking Results: Target Fixations
Measures of accuracy (for the singleton vs. cluster
trials) during the critical interval period were
smoothed using 20ms temporal bins before being
modeled. Generalized Linear Models were used to fit
the fixation data using the lme4 package [1] in R [21],
with the proportion of correct target fixations as the
dependent variable, and the independent variables of
b-spline-modeled time, /s/ duration condition,
experience (binary), exposure phase, and their
interactions. Two models with this structure were run:

Figure 2: (a) GLM-predicted results for all cluster accuracy data, showing exposure phase, experience level, and stimuli
duration. Rightward shifts of the post-exposure curves (green) indicate delay to target fixation, indicating listeners’ use of
social information to wait for word-final silence or stop release. (b) Enlarged plot of high-experience listeners in the long
(most ambiguous) /s/ condition, showing most extreme rightward shift.
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1) singleton (/CVs/) auditory targets and 2) cluster
(/CVsC/) auditory targets.
3.2.1. /CVs/ Trials
Significant main effects were found for experience (z
= 2.98, p = 0.003), and, as expected, for temporal
measures (b-spline-modeled time, /s/ length
condition). Low-experience listeners were generally
slower to fixate on target images, but there was not a
significant effect of exposure phase (z = 1.41, p =
0.123), nor was there a significant interaction
between exposure phase and experience (z = 0.51, p
= 0.612). This is consistent with previous production
research showing smaller differences in duration for
word-final singleton /s/ between sexual orientation
groups [3].
3.2.2. /CVsC/ Trials
The GLM conducted on the proportion of correct
target fixations in the cluster trials showed significant
effects of exposure phase (z = -5.12, p < 0.001), of
temporal measures (b-spline-modeled time, /s/ length
condition), and of the interaction between exposure
phase and experience level (z = 2.10, p = 0.036).
Unlike the singleton model, there was no main effect
of listener experience (z = -0.75, p = 0.454).
Visualizations of the model predictions are given in
Figure 2. Figure 2a shows that low-experience
listeners fixate on the target image more quickly in the
post-exposure phase, whereas high-experience
listeners show no change or a delay in fixations,
depending on the /s/ duration condition. A significant
three-way interaction of experience, exposure, and /s/
duration was found (long vs. mid /s/ duration: z = 6.17, p < 0.001).
4. DISCUSSION
4.1. Summary of Results
As predicted, the effect of the social exposure
condition only emerged in the /CVsC/ condition.
Predicted fixation patterns—delays for highexperience participants in the long /s/ condition—
were only found for cluster trials; this delay is shown
in Figure 2b, where the post-exposure curve is shifted
toward the right (i.e., correct target fixations are
reliably delayed). The leftward shift of the postexposure curves among low-experience listeners is
tentatively explained by a task-specific learning
effect: low-experience listeners are getting more
familiar with /s/ durations in the stimuli and are,
therefore, responding more quickly; this learning
effect appears to be counteracted by socioindexical
expectation among the high-experience listeners. It is
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also possible that both groups are using
socioindexical information, but in different ways.
Further exploration is needed to understand this
relationship. Additionally, the longest stimulus
conditions were found to have the longest fixation
latencies, irrespective of experience group.
4.2. General Discussion
The lack of an effect of exposure phase in /CVs/ trials
is consistent with production patterns [3], where no
significant difference was found between gay and
straight speakers in singleton-/s/-final tokens. This
lack of difference in production suggests a lower
likelihood in the social encoding of gay speech in this
phonological environment, specifically based on /s/
duration. Because tokens were phrase-final, variation
in phrase-final lengthening likely affected the social
categorizability of these tokens, and no interaction of
experience and exposure phase was found.
The observed effect of experience in the /CVs/
model, however, may point to more general
differences between experience groups. It is possible
that listeners come to the task with different default
assumptions about the speech patterns associated
with a given identity based on their own
sociolinguistic experience.
The much stronger effects in the /CVsC/ model—
specifically the interaction of listener experience and
social exposure phase—show that the perceptual time
course was in fact affected in the expected way. This
result provides strong evidence of socioindexical
expectation as a function of listener experience.
Resonance exemplar models of social-linguistic
integration have been proposed, in which utterances
are stored and encoded with social information [10,
26]. Within these models, activation of exemplars of
socially encoded utterances is strengthened when
perceived utterances match listeners’ expectations of
how social identity is represented in the speech signal.
These expectations reflect higher density of stored
episodic traces within a given listener’s socioacoustic cloud. Therefore, a listener who has more
experience with any given sociolinguistic variety—in
this case, gay speech—will have a stronger activation
of these utterances. With increased exemplars,
listeners can form these socio-perceptual
expectations to inform—and in this case delay—
linguistic decisions.
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ABSTRACT

Research is beginning to move towards quantitative explorations of such models through the computational implementation and then experimental validation of the predictions of such inference-based
models of speech perception. For example, the
ideal-adapter model outlined in [8] is found to show
comparable adaptation to novel speakers as is found
in experimental studies. A similar model is applied
to social-contextual cues above the level of speaker
in [9], in which it was found that such an inferential model can accurately predict the gender of novel
speakers based on their phonetic cues, using knowledge of the joint distributions of phonetic and social
cues. Similarly, [7] explores the ways in which an
ideal observer might balance the competing forces
of informativity and utility when determining the
optimal level of specificity of social-cue distributions they should learn.
The behavior of such models has only been explored in situations in which the social cue information is known with absolute certainty. While in many
interactions it can be assumed that social characteristics of speakers are known by listeners with high or
complete certainty, this is not true of all interactions.
There are many situations in which such social cues
may be unknown to listeners, for example in interactions with an unknown speaker, or with a speaker
whose social cue values may be non-stereotypical
and subject to uncertainty.
There is empirical evidence to suspect that incorporating listeners’ level of confidence in the social
attributes of speakers is well-motivated. In a series of vowel identification tasks, [6] provide listeners with both stereotypical and non-stereotypical
male and female voices. The categorization functions for non-stereotypical voices are found to skew
systematically towards the opposite gender category
boundary: non-stereotypical female voices elicit a
category boundary closer to the "male" end of the
continuum than stereotypical female voices. Under
the assumption that non-stereotypical voices reflect
greater degrees of uncertainty about speaker gender,
such results appear to indicate that the influence of
social contextual cues may be modulated by the degree of certainty the listener has in those cues. Simi-

Experimental results have demonstrated that listeners are sensitive to the co-variation of linguistic and
social cues, and use this information to make predictions about speech based upon social information
they attribute to the speaker. Such results have motivated models of speech perception in which listeners
perform statistical inference over the joint distribution of phonetic and social cues in order to infer the
speaker’s intended utterance. However, initial explorations of these models have assumed that social
cue information is known with certainty. I extend
such models to situations in which the social cue
information is subject to uncertainty and replicate
qualitative patterns from the experimental literature.
I model the confidence-weighted integration of social cue information using Gaussian mixture models and examine their predictions about how listeners should incorporate social cue information based
on their level of certainty in those cues.
Keywords: Speech Perception, Variation, Statistical
Inference, Sociophonetics
1. INTRODUCTION
In recent years, models of speech perception have
begun to treat the variability of speech as a critical
component of perceptual processes, rather than an
unfortunate hindrance. Empirical evidence demonstrates that listeners can utilize the co-variation of
social cues and phonetic features in order to make
inferences about the intended linguistic content of an
utterance (for reviews of such socio-phonetic phenomena, see [1, 3, 13]). Listeners’ sensitivity to the
structured variability of phonetic cues across speakers, contexts, and other social groups has led researchers to posit that listeners’ statistical knowledge of joint distributions of phonetic cues and social cues represents a critical part of their phonetic knowledge. Such approaches often incorporate Bayesian inferential models in order to capture
the inherent uncertainty and belief-updating nature
of human speech perception (e.g., [8]).
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lar results are found in [5], in which listeners had different category boundaries for tokens from a resynthesized fricative continuum for stereotypical male
and female voices. Non-stereotypical male and female voices showed intermediate category boundary
locations. Such behavior could indicate that an appropriate model would involve the gradient mixture
of beliefs, allowing for variable confidence in the exact values of the social cues.
Further experiments have demonstrated that the
strength of social cue priming, and perhaps listeners’ degree of confidence in those cues, may be conditioned by the specific nature of the priming. [11]
find that explicit priming of gender (through face
guises) elicits a significantly stronger perceptual effect than does implicit priming of gender, as instantiated through the use of gendered carrier phrases in
a grammaticality judgment task. These results suggest that implicit gendered carrier phrases provided
less certain evidence of speaker gender than did explicit gendered face guises.
Drawing upon work in visual perception [10],
I outline a framework for the incorporation of
confidence-weighted social cue information in idealobserver models. Then, I replicate the effect reported in [5]: gender information influences fricative categorization for all voices, but this effect is
stronger for stereotypically gendered voices than for
non-stereotypical voices. These results extend previous models of ideal-observer speech perception
models by allowing the social cue information attributed to a speaker to be subject to some degree of
uncertainty. The modeling approach outlined here
provides a quantitative framework with which to
make explicit predictions about the categorization
behavior of listeners in situations in which social cue
information about the speaker is uncertain.

prior

likelihood

}|
{ z }| {
z
p(Obs.|Phone) × p(Phone)
(1) p(Phone|Obs.) =
|
{z
}
p(Obs.)
| {z }
posterior
normalizing constant

Comparing the posterior probability under different
possible intended categories will allow the listener
to determine which category is most probable given
the evidence and their prior beliefs. Let’s consider
the case of an English listener who observes a coronal fricative with a COG of 5500Hz. If we assume
that the likelihood functions p(x|/s/) and p(x|/S/)
are known, then the ideal-listener may determine the
most probable category by comparing the posterior
probabilities of each category based on the observed
data point, as shown in Equation 2.
(2)
likelihood

prior

z
}|
{ z}|{
p(5500Hz|s) × p(s)
p(s|5500Hz) =
|
{z
} p(5500Hz|S)p(S) + p(5500Hz|s)p(s)
|
{z
}
posterior
normalizing constant

Figure 1 shows the relationship between the likelihood functions and posterior probability of /s/ for
values of COG between 3000-8000Hz, assuming a
uniform prior. As previously noted by [8], idealobserver models comparing two categories generate
posterior probability curves that approximate categorical perception identification curves in experimental tasks.
Additionally, I make the assumption that the likelihood functions of phonetic categories are normal
distributions across phonetic cues. This assumption
is not critical to the modeling framework (in theory,
any probability distribution may be used), but rather
a computational convenience.

2. BASIC MODELING ASSUMPTIONS

3. CONFIDENCE-BASED CUE
INTEGRATION
Following the work in the phonetic [8] and visual
[2, 10] inference literature, I make the following
modeling assumptions. During speech perception,
an ideal-observer hears some token with a value, x,
along some phonetic continuum (e.g., fricative with
Center of Gravity (COG) of 5500Hz). Given this
observation, they must determine the speaker’s most
likely intended phonemic category. This problem
simplifies to calculating the posterior probability of
that category given the observed value, following
Bayes’ Rule, as in (1). "Obs." indicates an observation of some acoustic value.

The precise nature of the likelihood function (e.g.,
what is an appropriate model of /s/ COG) varies according to many linguistic and non-linguistic factors. I choose to represent how social cues (e.g.,
gender, age, region of origin) condition phonetic
variability through a Gaussian mixture model, decomposing the likelihood function by marginalizing
across the various values of each social cue. For
example, while English listeners will have experience with the distribution of appropriate values of
COG for /s/, they will also have knowledge about
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as a sum of the confidence-weighted normal distributions. For example, if we use the values from
[12] in Figure 2 as our likelihood functions for men
and women, we can model the likelihood function
p(x|/s/) for situations in which the listener has varying levels of confidence in the gender of the speaker.
These confidence-weighted likelihood functions are
presented in Figure 3. In situations in which the
listener has complete confidence in the gender of
the speaker (e.g., p(Female) ∈ {0, 1}), the resulting
mixture reduces to the base likelihood functions for
just men or just women.

Figure 1: Relationship between likelihood functions and posterior probability of various COG
values assuming uniform priors (p(/s/) = p(/S/) =
0.5).
Likelihood functions are normal distributions: /S/ ∼ N (4768.5, 255.25), /s/ ∼
N (5851.25, 277.5). Acoustic values calculated
from [12].

Figure 3: Weighted mixture likelihood function
for /s/ under different levels of confidence in
speaker gender

the structured variability of /s/ COG conditioned by
gender, as shown in the reproduction of values from
[12] in Figure 2.
Figure 2: COG Distributions for English /s/ and
/S/ for Men and Women. Values are from [12].

4. APPLICATION
I turn now to a demonstration of how the confidenceweighted mixture approach may be used to model
changes in behavioral measures in perception experiments. While much experimental work has been devoted to demonstrating that social information can
influence perceptual behavior, less work has explored changes in this influence under conditions
of greater or lesser certainty. An exception is the
fricative perception experiment of [5]. In this experiment, listeners shifted their categorization of a synthetic /s/ - /S/ continuum according to the gender of
the speaker used to frame the synthesized token. Tokens with lower spectral energy were more likely to
be categorized as instances of /s/ when spliced into
the speech of a male than when they occurred in the
female frame. This corresponds to listeners’ knowledge that men’s productions of /s/ are more likely
to have lower frequency components than women’s
productions of /s/.
Critically, the authors demonstrate that this
socially-driven perception effect is conditioned by
the gender stereotypicality of the voices involved. A
gender effect was also obtained for male and female

Following [10],
I model the overall
likelihood function for the social cue,
C = (value1 , value2 , ...valuec ), as an additive
mixture of likelihood functions for each value of
the social cue, p(x|C = c, Phone), weighted by
the probability that the given value applies to the
speaker (πc , also referred to as mixing proportions).
likelihood

z }| {
(3) p(x|Phone) = ΣC πc p(x|C = c, Phone)
= ΣC πc N (µc , σc2 )
Assuming that these likelihood functions are normal distributions with means µc and variances σc2
leads to the formulation on the second line of (3)
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the non-stereotypical voices, and the model exhibits
categorical perception type behavior in all cases.
The response of listeners to stereotypical and nonstereotypical speakers can be successfully modeled
as confidence-weighted cue-integration mixtures.

voices judged to be non-stereotypical, but this effect
was much weaker than the effect obtained for the
stereotypical male and female voices. The categorization functions for the non-stereotypical male and
female voices were intermediate between the stereotypical male and female categorization functions.
Using the model outlined above, I replicate the
qualitative pattern of categorization functions observed in [5]. To do so, I provide simulated
confidence values for the stereotypical and nonstereotypical voices in Table 1. These confidence
values, or mixing proportions, may be interpreted as
the relative confidence listeners have in the gender
of the speaker (πc in Equation 3). Without direct access to the quantitative results of [5], the exact values of the mixing proportions cannot be estimated.
The values presented in Table 1 were chosen because they replicate the qualitative pattern reported
in [5]. Slight adjustments to these mixing proportions would not result in qualitative shifts, but rather
a more accurate fit to the behavioral data.

Figure 4: Posterior probability of /s/ under different speaker conditions.

5. CONCLUSION

Table 1: Simulated confidence parameters for
various speakers. πmale = 1 − π f emale .

Speaker
Stereotypical Male
Non-Stereotypical Male
Non-Stereotypical Female
Stereotypical Female

π f emale
0.0
0.3
0.6
1.0

The full form of the calculation of the posterior
probability for the gender confidence /s/-/S/ scenario
of [5] is shown in (4). Note that I have assumed
equal priors for /s/ and /S/. The likelihood functions
for men, p(x|/s/, m) and women, p(x|/s/, f ), are
normal distributions with means and variances equal
to those reported in [12] and repeated in Figure 2.
(4)
posterior

likelihood

prior

z }| { z }| {
z }| { p(x|/s/) × p(/s/)
p(/s/|x) =
p(x)
|{z}
normalizing constant

likelihood (decomposed)

prior

z
}|
{ z }| {
(π f p(x|/s/, f ) + πm p(x|/s/, m)) × p(/s/)
=
p(x|/s/)p(/s/) + p(x|/S/)p(/S/)
|
{z
}
normalizing constant

The posterior probabilities of /s/ under the four different speaker conditions are shown in Figure 4.
We successfully replicate the qualitative results of
[5]. The gender effect is weaker, but present for
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There is evidence to suggest that listeners may gradiently incorporate information about socio-phonetic
cue distributions based on their certainty in the social characteristics of the speakers. Using values
from a corpus phonetic study [12], I extend the idealobserver model outlined in [8] and make predictions about the changes in listener classification behavior of /s/ based on varying levels of certainty in
speaker gender. In doing so, I replicate the qualitative findings of gender voice typicality conditioned
shifts in /s/-/S/ categorization behavior as reported in
[5]. These results extend previous Bayesian inference models in speech perception to more experimental conditions. Additionally, this formulation of
ideal-observer models provides a quantitative framework with which to make predictions about how listeners should incorporate gradient beliefs about social cues if they are carrying out optimal statistical
inference. For example, such a framework allows
us to make predictions about how overlapping social cues (e.g., speaker’s age and region of origin)
may interact to influence perceptual behavior. Going
beyond macro-social variables, Bayesian-inference
based approaches to speech perception provide a
framework with which to make predictions about
how listeners learn what social cues are salient in
the first place (see, e.g., the discussion of Structural
Learning in [4]). Understanding the ways in which
listeners develop and incorporate social cues during
speech perception is a critical step in extending our
knowledge of sociophonetic processes in general.
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ABSTRACT
During speech perception, listeners utilize and
integrate both linguistic and social information.
Previous research has demonstrated that social
information can affect linguistic decisions, but little
research has examined whether these effects are
bidirectional. We probe at bidirectionality in an eyetracking study in which, in each trial, participants first
see a visual prime for one category (gender, lexical);
participants then hear an auditory stimulus drawn
from female-to-male and shack-to-sack continua and
look to images of the non-primed category. Results
replicate earlier findings that visual gender
information can shift listeners' /s-ʃ/ boundary when
paired with a non-prototypically gendered voice. The
novel finding is that, in turn, visually primed
linguistic information can shift listeners' judgments
of speaker gender when paired with an ambiguous
sibilant. Taken together, the results provide evidence
of a bidirectional link between social and linguistic
categorization in speech perception.
Keywords: speech perception, priming, social
information, eye-tracking
1. INTRODUCTION
Listening is, in the context of conversational
interactions, a social activity. The acoustic speech
signal produced by a speaker conveys linguistic
information that is interwoven with social
information. These linguistic and social cues are not
independent: they are not, for the most part, isolable
in the acoustic input, and they interact in determining
listeners' decisions about what a speaker is saying.
For example, in early work, Ladefoged & Broadbent
showed that listeners' vowel judgments are
influenced by person-specific information about a
speaker's overall vowel space [9]. Subsequent work
has shown that socio-indexical information about a
speaker and their speech variety not only biases
listeners' linguistic choices, but also speeds the time
course of those decisions [2, 21]. Thus,
unsurprisingly, in their communicative exchanges
with speakers, listeners are making informed use of
socially structured acoustic variation. Even
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expectations about a speaker's social background
(e.g., age, dialect, native language) serve to guide
listeners' linguistic choices [4, 12, 16].
This study investigates the social category of
gender, whose influences on phonetic perception—
especially fricative perception—are well established.
Sibilants differ in their spectral peak location, with /s/
having a higher-frequency peak than more posterior
/ʃ/ [8]. Because spectral peak frequencies are, in
general, higher for fricatives produced by women
than men, there is, as Munson et al. point out,
potential ambiguity across female and male speakers'
productions: sibilants with peak frequencies in a
targeted range could correspond to a male speaker's
/s/ and a female speaker's /ʃ/ [14]. This difference is
partially but not exclusively attributable to
anatomical differences; sociophonetic factors also
contribute to it [3]. Perceptual studies exploiting this
ambiguity have found that, when American English
listeners respond to ambiguous stimuli along a /ʃ/-/s/
continuum, they report hearing more /ʃ/ when the
remainder of the utterance (e.g., (sh)ack or (s)ack) is
produced by a woman than by a man [5, 11, 13].
Speaker gender also influences sibilant perception
when the auditory context remains constant but
listeners receive visual or other information about
speaker gender [6, 14, 15, 18, 19].
Our primary goals in this study are to replicate
previous findings that speaker gender informs
listeners' linguistic decisions, and to address a further
question: are the perceptual consequences of
interacting social and linguistic information
bidirectional? That phonetic judgments of ambiguous
sibilants depend on expected speaker gender
demonstrates that phonetic categories are socially
malleable. However, are social categories similarly
malleable, such that social judgments of genderneutral voices depend on the expected phonetic
category? Research on social categorization [7] and,
for example, Sumner et al.'s proposal of dual
encoding of social and linguistic information [20]
lead us to predict bidirectional influences. In this
study, we test this prediction using a visual world
paradigm in which listeners are primed with either (i)
social information as they make judgments about
what word was produced or (ii) linguistic information
as they make judgments about who produced a word.

2. METHODS
2.1. Stimuli
Auditory stimuli were 60 words drawn from a sixstep linguistic shack-sack continuum and two fivestep gender continua, one created from a female
speaker's productions and the other from a male
speaker's productions. All stimuli were created by
splicing one of the six synthesized sibilants onto
manipulated naturalistic (female or male) recordings
of [æk].
The synthetic /ʃ-s/ continuum was created with
the Klatt Synthesizer functionality in Praat [1]. Steps
were generated with even spacing of third and fourth
frication formant parameters. The sibilant continuum
was created using the same parameters Munson [15]
used, ranging between the values of his second and
eighth continuum steps. Centers of gravity ranged
from 3.2 kHz (more /ʃ/-like) to 7 kHz (more /s/-like).
The original versions of the naturalistic [æk]
stimuli were extracted from "Say sack again"
productions of one female and one male native
speaker of American English. F0 and formant spacing
(acoustic features associated with perceived gender)
were modified in Praat to create the two five-step
continua. Within each continuum, the mean F0 over
the duration of the vowel was spaced evenly across
consecutive steps, and the formant shift factor varied
linearly. For the male speaker's continuum, mean F0
ranged from 135 Hz (unmodified) to 210 Hz, and the
formant spacing factor ranged from 1.0 (unmodified)
to 1.2 (greater spacing). For the female speaker's
continuum, mean F0 ranged from 190 Hz
(unmodified) to 90 Hz, and the formant spacing factor
ranged from 1.0 (unmodified) to 0.83 (less spacing).
Each sibilant was concatenated with each [æk] token
to produce the 60 unique stimuli.
The visual stimuli consisted of black-and-white
line drawings, corresponding to shack and sack, and
grey-scale-converted photographs of female and male
faces, rated as highly gender-prototypical, from the
Chicago Face Database [10] (see Table 1).
2.2. Participants and Procedure
Twenty-five native English-speaking undergraduate
students participated in the study. Auditory stimuli
were presented over headphones and participants' eye
movements were recorded using a remote monocular
eye-tracker (EyeLink 1000 Plus, SR Research).
Each eye-tracking trial lasted approximately 10
seconds and asked either "What do you hear?" or
"Who do you hear?". In What trials, participants saw
a gender prime (female or male face) and
subsequently looked to test images of shack and sack
in response to an auditory stimulus. In Who trials,
participants saw a lexical prime (shack or sack) and
test images were female and male faces.
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Within each trial: (1) A prime image appeared in
the center of the screen and was accompanied by the
audio "You'll hear from" or "You'll hear". (2) After
1500 ms, two test images appeared on either side of
the (then scaled-down) prime, accompanied by the
audio instruction "Look at each {drawing/image}".
(3) Participants were instructed to look at the prime
image, with the audio "Look at the middle". (4)
Participants heard, "{What/Who} do you hear?". (5)
After 1000 ms, the prime image disappeared and the
target audio trial (one of 60 stimuli) played.
To test for the effect of prime, stimuli ambiguous
for gender and/or lexical item were presented (in
different, randomized trials) with both primes; that is,
stimuli ambiguous for shack/sack were presented
with both gender primes and stimuli ambiguous for
gender were presented with both lexical primes.
Ambiguity was determined by pilot testing. Shading
in Table 1 shows ambiguous stimuli receiving more
than one prime. These stimulus/prime combinations
were presented both in the originally female and in
the originally male voices. Two repetitions of each
trial resulted in 328 eye-tracking trials. Test image
positions were counterbalanced across participants.
3. HYPOTHESES
We hypothesize that, consistent with previous work
[6, 14, 15, 18, 19], listeners' perception of sibilants
will be influenced by visual information about
speaker gender. Thus, in What trials, listeners should
fixate more on the shack image when the visual prime
is a female face than when it is a male face.
For Who trials, we hypothesize that listeners will
again be influenced by the visual prime—in this case,
priming for lexical category. If the influences of
social and linguistic primes are bidirectional then, just
as a female prime should elicit more fixations on the
shack image, so should a shack prime elicit more
fixations on the female photo.

We also predict that, independent of the lexical
prime, participants will fixate more on the female
photo when an ambiguous stimulus sounds more like
shack than like sack. This is the bidirectional
corollary of an /ʃ/ percept in response to an
ambiguous sibilant when the speaker turns out to be
female [13].
4. RESULTS
In the statistical analyses, fixations on the shack
image (linguistic model) or on the female photo
(social models) were submitted to Generalized
Additive Mixed Models (GAMMs) using the mgcv
[23] and itsadug [22] packages in R [17]. Only trials
within areas of ambiguity, which received two primes
(see Table 1), were included in the statistical models.
Thus, the linguistic model predicts how genderambiguous voices at the centermost points of the
perceived gender continuum affect sibilant
categorization across an entire continuum from /ʃ/ to
/s/. Likewise, the social models predict how
ambiguous sibilant information at the /ʃ-s/ boundary
affects gender categorization across all steps of the
perceived gender continuum. Models were fit using
the bam function with default smoothing. For
GAMMs, visualization plays an essential role in
significance testing and interpretation.
4.1. Linguistic models ("What do you hear?")
To test the first hypothesis that gender primes
influence sibilant judgments, participants' proportion
fixations on shack were modeled using a logistic
GAMM. The effects of prime, speaker (original
male/female), sibilant step, gender step, their
interactions, and a random intercept for participant
were included in the model. Of primary interest
among the significant effects and interactions in the
model output is that gender prime (male, female)
significantly interacted with sibilant step in predicting
proportion fixations on shack. Specifically, as
expected, the model predicted a greater proportion of
looks to shack when primed with a female face within
ambiguous /ʃ-s/ steps along the sibilant continuum.
To visualize the effect of prime, we utilize a
difference plot of the model output, which subtracts
the effect of trials with a male prime from the effect
of trials with a female prime. However, by way of
background, we first separately show the model
output for each prime condition. Figures 1A and 1B
give the model-derived logit proportion fixations on
shack when primed with a female (1A) and male (1B)
face. Proportion fixations are represented by the color
(or grey-scale) at each point across /ʃ/ to /s/ (x-axis)
and time (y-axis); positive values, shown as warmer
colors (or lighter grey-scale), indicate higher fixation
proportions to shack. As would be expected, in both
plots, the likelihood to fixate on either shack or sack
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Figure 1: Model-derived fixations on shack. A&B:
Proportion fixations across sibilant step (x-axis) and time
(y-axis: 300 ms = 25 ms after sibilant offset) for female (A)
and male (B) primes; positive values (warm colors / lighter
grey-scale) = more looks to shack. C: Difference in
proportion fixations (A minus B); unshadowed positive
values = significantly more looks to shack in A relative to
B (95% confidence interval). D: Effect of female (solid red)
and male (dashed blue) prime on /ʃ-s/ step 3 over time.

increases across the time course of the trials (note
stronger contrasts towards the top of the plots). Also
as expected, the likelihood of fixating on shack is
greatest for sibilant steps 1-3.
The differences between the effects of gender
primes (1A minus 1B) are visualized in Figure 1C,
where positive values (warmer/lighter) represent
significantly (no shadow) more fixations on shack in
1A (female prime) relative to 1B (male prime). This
increase holds across sibilant steps 2, 3, and 4. The
greatest prime effect occurs in the most linguistically
ambiguous region of the continuum, which we
capture in Figure 1D as a "slice" taken at sibilant step
3. Figure 1D shows the difference, over time (x-axis),
in logit proportion fixations on shack (y-axis)
between female (solid red line) and male (dashed
blue) primes at step 3 of the /ʃ-s/ continuum. In this
more traditional representation of eye gaze patterns,
we again see the expected effect of more looks to
shack with the female prime.
4.2. Social models ("Who do you hear?")
To address the second hypothesis, that in the Who
trials participants' fixations on the female or male
photo will be influenced by a linguistic prime, we
modeled participants' proportion fixations on the
female face again using a logistic GAMM. The model
included main effects of prime, speaker, sibilant step,
gender step, their interactions, and a random intercept
for participant; we provide the difference plots for
this analysis.

areas where differences are significant are
unshadowed.) This effect is strengthened as the voice
becomes more prototypically female (steps 4 and 5),
which we interpret as the integration of congruent
gender cues in the rime of an auditory stimulus.

Figure 2: Model-derived fixations on female face.
A&B: Difference in proportion fixations for sibilant
step 3 (more /ʃ/-like) minus step 4 for shack (A) and
sack (B) primes. Positive values = significantly more
looks to female face in sibilant step 3 relative to 4.

5. DISCUSSION

Recall that the ambiguous /ʃ-s/ stimuli are sibilant
steps 3 and 4 (Table 1). Figure 2A shows the
difference in proportion fixations on the female face
for sibilant step 3 (more /ʃ/-like) minus step 4 (more
/s/-like) as a function of gender step and time, when
primed with the shack image. Figure 2B gives the
same information, but for prime sack. Both panels
show modeled predictions, where positive values
indicate significantly more fixations on the female
face in step 3 relative to step 4. The significantly
positive region is larger (both across gender steps and
time) in 2A than 2B indicating that, as predicted, the
shack prime elicits more looks to the female face than
the sack prime. Within this model at sibilant step 3
(not shown), significant differences due to the effect
of prime were found beginning around 700 ms and
continued through the end of the trial. (Auditory
information for gender is not available until vowel
onset at 275 ms, so reliable target fixations could
begin, at the earliest, at 475 ms assuming a 200 ms
eye-movement programming delay.)
To address the third hypothesis that, independent
of priming condition, participants will fixate more on
the female photo when the stimulus sounds more like
shack than sack, we ran an additional logistic GAMM
with the same structure as before, but excluding
prime. The output of this model as represented in
Figure 3 shows, across the linguistic primes, an
increase in likelihood to fixate on the female face
(positive values) when more /ʃ/-sounding sibilants are
produced by a more gender-ambiguous speaker
(gender step 3). (As in Figures 1C and 2, only those
Figure 3: Model-derived fixations on female face,
independent of prime.

This study provides evidence of a reciprocal influence
of gender and sibilant priming on speech perception.
Eye gaze patterns show that participants categorized
ambiguous sibilants as /ʃ/ more often than /s/ when
primed with a female face—a result that aligns with
prior work showing that visual gender cues can
modulate sibilant perception when the voice has
reduced gender prototypicality.
Eye gaze patterns also indicate that participants
categorized gender-ambiguous stimuli as being
produced by a female speaker more often when
primed with an image of shack than with an image of
sack. Thus, visual information about sibilant category
can modulate gender perception when a sibilant has
reduced linguistic prototypicality.
More generally, our findings provide evidence
that linguistic categories are socially malleable, and
social categories (such as gender) are linguistically
malleable: ambiguous linguistic content can be
disambiguated
through
meaningful
social
information about a speaker and ambiguous social
information for a speaker can be disambiguated
through a meaningful linguistic percept.
Participants' responses also showed gradient
influences of auditory sibilant information on gender
judgments independent of priming condition: stimuli
were more often categorized as female the closer the
sibilant was to the /ʃ/ end of the sibilant continuum.
(It remains to be shown whether the same pattern
would have emerged in an experiment with no visual
primes.) Gender differences in sibilant peak
frequency presumably at least partly motivate the
interrelated nature of these variables in perception.
The results of this study further suggest that this
spectral information may be encoded in such a
manner as to aid both lexical access and social
processing. Such an outcome offers support for
perceptual frameworks [20] where the processing of
linguistic and social information shows some degree
of interactivity.
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ABSTRACT

1.1. Stereotypes and Expectations

These expectations and the sociolinguistic knowledge listeners carry can warp their perception of the
speech stream. Listeners’ ultimate percepts or decisions about what they heard of a given utterance
are influenced by what they expect a talker from a
particular social category to produce. For example, given acoustically identical perceptual stimuli,
New Zealand listeners perceive speakers who seem
younger as having a more complete NEAR/SQUARE
merger, consistent with them being probabilistically more likely to have merged the sounds [8].
Niedzielski [15] found that listeners from Michigan, USA assumed that an apparent speaker from
Ontario, Canada had a different accent from their
own (despite this lack of difference) and categorized vowels accordingly. Niedzielski also showed
that these Michigan listeners perceived their own accent as patterning more with a mainstream American one, indicating a disconnect between actual and
perceived pronunciation in their speech community.
This indicates that listener expectations about accents and speech patterns, including their own, affect their perceptual space.
Listener associations between accent and ethnicity in English-speaking North America present a
particular challenge, as the associations are frequently shown to be fallible. Despite multicultural
and diverse non-white demographics, to be considered maximally “American”, one must be Caucasian
[3]. This association is implicated in speech studies
by who is expected to speak “unaccented” English.
For example, an influential set of studies paired photos of a Caucasian face and a East Asian face with
voices representing native and non-native accents
[16, 12]. When the voices were paired with the East
Asian face, they were perceived as more accented
and were associated with lower accuracy on a cloze
task. Kang and Rubin reason that reverse linguistic stereotyping results in evaluations of low social
status negatively affecting speech comprehension.
Independent of social prestige, experience and
stereotypes may affect speech processing. McGowan found that Mandarin-accented English was

Listeners entertain hypotheses about how social
characteristics affect a speaker’s pronunciation.
While some of these hypotheses may prove truthful,
thus facilitating spoken language processing, others
may be erroneous stereotypes that impede comprehension. For example, there are a range of studies
which show that listeners’ stereotypes of language
and ethnicity pairings in varieties of North American
English can improve intelligibility and comprehension or hinder these processes. Using audio-visual
speech we examine how listeners adapt to speech in
noise from four speakers who are representative of
the accent-ethnicity stereotypes in the local speech
community: an Asian native English speaker, a Caucasian native English speaker, an Asian non-native
English speaker, and a Caucasian non-native English
speaker. The results suggest that accent-ethnicity
pairings that are incongruent with local stereotypes
may inhibit adaptation to speech in noise.
Keywords: Perceptual adaptation, social stereotypes, speech in noise, sociophonetics
1. INTRODUCTION
Listeners’ experiences in the linguistic world contribute to the formation and reinforcement of associations between language and society. Listeners learn
that, for example, females, on average, have smaller
vocal tracts than men, and thus generally have higher
frequency boundaries between vowels [11] and sibilant fricatives [17]. Such expectations about the relationship between talker size and phonetic realizations arguably assist in processing spoken language
more efficiently and adeptly. While associations related to gender or sex are partially rooted in physiological differences (as opposed to culturally-specific
learned patterns, see [10]) between women and men,
listeners also connect pronunciation patterns with
more arbitrary social groups. Drawing upon learned
associations, listeners can categorize a speaker by
a number of different social identities (e.g., gender,
ethnicity, social class, etc., see [4, 7]).
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uals should be native speakers of English. Being trained on an accent-ethnicity pairing counter
to local stereotypes is predicted to make adaptation
more difficult due to a mismatch between predicted
and perceived signals. The Caucasian native English and the Asian non-native English talkers conform to local stereotypes, and we predict that listeners will adapt more to these talkers, showing some
improvement in transcription accuracy between the
high predictability training sentences and the low
predictability test set.

more intelligible when paired with an East Asian
face than with a Caucasian face [14]. This facilitating effect in comprehending L2-accented speech is
consistent with expectations about the phonetic patterns associated with a given social group. Using
speech from a larger set native speakers of Canadian English, Babel and Russell demonstrated a
similar effect in a speech in noise task that compared audio-only trials with ones pairing audio with
Caucasian-Canadian or Chinese-Canadian faces [1].
They found lower accuracy in the transcription of
Chinese-Canadian speech only in combination with
Chinese-Canadian faces. This effect was greater for
listeners who reported spending more time with Chinese Canadians, suggesting that the findings may not
be about negative social associations, but instead involve erroneous ethnicity/language expectations.
Generally, audio-visual speech receives a boost
in performance compared to audio-only speech (eg.,
[19]). This audio-visual benefit, however, has been
shown to be larger for natively accented talkers [20].
Yi and colleagues tested listeners using native and
Korean-accented English in audio-only and audiovisual conditions. A greater audio-visual boost was
found for the native English speakers. For the
Korean-accented speakers, listeners’ performance
was predicted by the strength of an association between the categories “Asian” and “foreign”. They
conclude less experience with Korean faces inhibits
listener ability to exploit the facial movements that
are known to aid alignment and boost intelligibility.

2. METHODOLOGY
2.1. Materials

2.1.1. Audio-Visual Stimuli
Four female talkers in their twenties were recorded
reading high and low predictability sentences from
[2]. The talkers represented local accent-ethnicity
stereotypes and included two native speakers of
Canadian English and two non-native English
speakers. For both the native and non-native pairs,
one talker was Asian and the other was Caucasian.
The Asian non-native English talker was a native
speaker of Mandarin and the Caucasian one was a
native speaker of Spanish; these speakers were chosen out of convenience.
Audio recordings were digitized at 44.1 kHz using a Sennheiser MKH-416 shotgun microphone
connected to a USB Pre-2 amplifier and a PC. Video
recordings were made using Panasonic HC-V700M
high definition video camera, which also recorded
audio. The video recordings included the talkers from the neck up against a white background.
The high quality audio recordings were RMS amplitude normalized and embedded in pink noise at
a -5 dB SNR. The video and high-quality audio
streams were synced using Adobe Premier Pro using the lower quality audio recorded from the video
recorder. Sentences with speech errors were eliminated, leaving 120 unique sentences. In an audioonly procedure, listeners heard the sentences while
looking at a blank screen. In an audio-visual condition, participants heard audio while watching the
accompanying video. In this paper, we set aside the
audio-only data and focus on the audio-visual condition in order to test our hypotheses about accent and
ethnicity stereotypes.

1.2. Hypotheses and Predictions

The results described above illustrate that listeners use experiences and stereotypes to buffer expectations that help and hinder the processing of
novel voices. The literature suggests that listeners
should be better at adapting to accent-ethnicity associations that match local stereotypes. We test this
with a speech in noise sentence transcription task
using naturally produced audio-visual stimuli with
speech embedded in -5 dB SNR pink noise from
four talkers who vary in terms of self-identified ethnicity – Caucasian and Asian – and whether they
speak English as a first or second language. Comparing high predictability training sentences and low
predictability test sentences, we expect listeners to
adapt more easily to the talkers who match accentethnicity stereotypes. Thus, we expect to see a reduction in transcription accuracy between training
and test trials for the Asian native and the Caucasian
non-native English speakers due to assumptions that
ethnically Asian individuals should be non-native
English speakers and ethnically Caucasian individ-

2.2. Participants

A total of 83 listeners were recruited from undergraduate linguistics courses and received partial
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tions were hand-checked, treated as two words, and
scored accordingly. For example, the contraction
“it’s” in the sentence “dad thinks that it’s funny”
would be scored as if it were “it is”, meaning that the
sentence would receive a score of six for the target
sentence “dad thinks that it is funny”. Otherwise,
for a correct score, the transcribed word needed to
match the target exactly. In order to avoid assumptions about listener intentions, words with the wrong
tense or number inflection were treated as incorrect.

course credit in exchange for their participation.
There were 66 female and 17 male participants between 18 and 26 years of age (Mean = 20). Listeners were either native or early learners of English,
which we operationalize as before the age of 5.
2.3. Procedure

Participants were seated in front of a computer in
sound attenuated cubicles for the duration of the experiment. Listeners heard each sentence over headphones at approximately 65 dB while watching accompanying video of the talker on the screen. They
were asked to type sentences on a keyboard and told
to focus on being as accurate as possible while not
worrying about minor spelling errors.
The task was blocked by talker, and listeners
heard 30 sentences from each talker. In order to
control for talker order, there were 24 different permutations of the experiment. These orders were
implemented cyclically, such that one participant
would have order A and the next order B, resulting in approximately three to four participants for
each. The 30 sentences were separated into 15 high
predictability and 15 low predictability blocks, randomly selected for each listener. The high and low
predictability blocks were thus designed and then
analyzed as training and test blocks, respectively.
There were breaks between talkers, but not between
sentence types within a talker.
This within-subject design for all talkers allows us
to ignore talker-specific differences in intelligibility
and focus on change – improvement or decline in
performance – between high and low predictability
blocks for each of the four talkers.
Participants also completed a modified version of
LexTale [13] and an Implicit Association Test [5]
designed to assess the association of Canada and
Caucasian faces compared to Foreign entities and
Asian faces, similar to [20]. Due to time and space
constraints, these data have not been analyzed and
will not be discussed further in this paper.

Transcription accuracy was normalized to Rationalized Arcsine Units (RAUs) following [18] and
used as the dependent measure in a linear mixed effects model. Predictability (High, Low with High
as the reference level), Talker Native Language (Native English, Nonnative English with Native English
as the reference level), Talker Ethnicity (Caucasian,
Asian with Caucasian as the reference level) were
entered as fixed effects with all possible interactions.
Subject and Sentence were random effects with Predictability, Talker Native Language, and Talker Ethnicity as random slopes for the Subject intercept.
Figure 1: Intelligibility, shown in normalized
RAU values, for the four talkers separated by high
and low predictability sentences.
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100
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Effects with t-values of greater than |2| are interpreted here as significant. The model intercept returned as as significant [β = 76.8, SE = 3.17,t =
24.3]. There were simple effects of Talker Native Language [β = 14.42, SE = 1.91,t = 7.54] and
Talker Ethnicity [β = 25.9, SE = 1.97,t = 13.17].
Given that the reference levels were high predictability, Native English, and Caucasian, these
effects indicate that the Nonnative speakers and
Asian speakers were more intelligible than the Caucasian Native English speaker. These simple effects were overshadowed by two-way interactions
of Predictability and Talker Native Language [β =

3. ANALYSIS AND RESULTS
The measure of interest in this study is the change in
listeners’ accuracy in transcribing a talker’s speech
in noise between the set of high predictability sentences and the set of low predictability sentences.
Transcription accuracy was assessed as the number of correct words per target sentence. Transcription spelling was first automatically corrected using spell-check and then hand-corrected. A Python
script assigned one point to each correct word and
incorrect words were not penalized. All contrac-
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−12.21, SE = 2.29,t = −5.33], Predictability and
Talker Ethnicity [β = −6.04, SE = 2.11,t = −2.87],
and Talker Native Language and Talker Ethnicity
[β = −59.05, SE = 2.79,t = −21.14]. The threeway interaction between Predictability, Talker Native Language, and Talker Ethnicity was also significant [β = 25.33, SE = 3.33,t = 7.6]. Group means
with by-subject standard error for this three-way interaction are shown in Fig. 1. As can be seen in this
figure, the four talkers varied in their overall intelligibility with the Caucasian Native English speaker
having surprisingly low intelligibility.
Our design allows for these differences in baseline intelligibility for the talkers by having the high
and low predictability sentences as training and test
blocks for each listener. Thus, to more straightforwardly test within-talker changes in performance between the high and low predictability blocks, separate analyses were run for each talker with Predictability as a fixed effect and Subject and Sentence
as random effects. Predictability was included as a
by-Subject random slope. These results largely confirm what is visible in Figure 1.
The White English L1 speaker showed nearly no
change [β = 0.32, SE = 4.7,t = 0.07] between the
high (M = 76 RAUs, SD = 47) and low (M = 77
RAUs, SD = 40) predictability sentences. The more
intelligible Asian English L1 speaker showed significant reduction [β = −7.25, SE = 3.53,t = −2.06]
in intelligibility in the low predictability sentence set
(M = 103 RAUs, SD = 34) compared to the high
predictability set (M = 96 RAUs, SD = 35). The
White English L2 speaker showed a predicted decline [β = −12.34, SE = 4.26,t = −2.9] in intelligibility between the high (M = 91 RAUs, SD =
39) and low (M = 79 RAUs, SD = 38) sentence
sets. The Asian English L2 speaker showed nonsignificant improvement between the high (M = 59
RAUs, SD = 50) and low (M = 65 RAUs, SD =
47) predictability sentence blocks [β = 6.59, SE =
5.25,t = 1.3].

do not match local stereotypes of who is expected
to be a native speaker of English. The discrepancy
between socially-based expectations and reality appears to have hindered listener adaptation, resulting
in reduced intelligibility for the Asian native English speaker and the Caucasian nonnative English
speaker. Though we predicted some positive adaption for the talkers who matched accent-ethnicity
stereotypes, there was no significant improvement
for either the Asian nonnative English or the Caucasian native English speaker. This suggests that
while alignment between talker accent-ethnicity and
social expectations does not interfere with adaptation, it does not necessarily facilitate it in adverse
listening conditions (see also [6]).
Though the present study focuses on talker characteristics, listener attributes may also underlie performance. Possible mediating listener-based factors
include linguistic flexibility, multilingual exposure,
and rigidity of social expectations. We collected
data, but have yet to analyze it, that pertain to these
listener factors. In a study on older listeners, [9]
found those with higher vocabularies showed better
adaptation to novel accents. Our modified version
of LexTale [13] will allow us to test how vocabulary size affects adaptation within an undergraduateaged population. We also have the data to test listeners’ associations between foreignness and Canadianness – specifically, we expect that listeners with a
stronger Asian=Foreign bias (as reflected on an Implicit Association Test [5]) will be more susceptible
to the interference of accent-ethnicity stereotypes.
Flexibility in social expectations may promote increased intelligibility through reducing the potential
interference of a mismatch between accent-ethnicity
stereotypes and talker characteristics. The results
reported here mask a large amount of variation between listeners, which we hope to account for with
these measures.
5. CONCLUSION

4. DISCUSSION
Low predictability sentences produced by talkers
with ethnicity-accent associations that do not match
local stereotypes – Asian native English and Caucasian non-native English speakers – were transcribed less accurately following exposure to high
predictability sentences. We hypothesize that this
lack of adaptation is due to a mismatch of expectations which inhibits learning of speech in noise.
These results contribute to the literature on accentethnicity stereotypes in the North American context
[12, 16, 14, 1].

Listeners’ ability to transcribe speech in noise declined significantly for the Asian Native and Caucasian Non-native English speakers between the
high predictability training sentences and the low
predictability test sentences. Transcription accuracy
trended towards improvement for the Asian Nonnative speaker and barely changed for the Caucasian
Native English speaker. The results suggest that
stereotypes about accent and ethnicity play a role in
perceptual adaption, particularly for speakers who
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ABSTRACT
We report experimental evidence on covariation
between vowel onset f0 and voice onset time (VOT)
in voiced and voiceless stops produced by Spanish
speakers with apraxia of speech and conduction
aphasia as compared to a healthy control group. These
two disorders are argued to affect different
components of the same dorsal stream involved in
mapping sounds onto motor-based representations.
On the assumption that acoustic cue covariation
reflects—albeit indirectly—trade-off relationships in
speech production, we explore how these deficits
affect compensatory articulation. Our findings show
a trade-off relationship between f0 and VOT for
voiced but not voiceless stops in the control and
conduction aphasia groups, and in some apraxic
speakers. Interestingly, the apraxic group shows
compensatory cue correlation in devoiced stops. We
relate observed patterns in cue trade-off to the internal
structure of phonetic categories and compensatory
articulation.
Keywords:
voiced stops.

compensation,

apraxia,

aphasia,

1. INTRODUCTION
It is well established that the voicing contrast is
realized by means of multiple acoustic correlates.
Recent studies testify to a growing interest in the
interplay or ‘trade-off’ among acoustic cues in
signaling the voicing contrast, based on the
underlying assumption that such compensatory
relationships are guided by phonological
specifications (i.e., actively controlled) rather than
being mere mechanical effects of articulatory
adjustments for voicing [8, 12, 13, 14]. The present
paper is in line with these studies in that it investigates
the trade-off between vowel onset f0 and voice onset
time (VOT) in the stop voicing contrast in Spanish.
On the assumption that speech movements are
programmed to achieve acoustic/auditory goals [18]
and that consequently the trade-off between cues
observed in the acoustic signal should reflect similar
interactions in the articulatory domain (i.e., motor
equivalence [19]), we examine and compare cue
correlations in the production of stops by healthy and
aphasic speakers. In particular, we seek to determine
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whether speakers with neurologically-based deficits
that interfere with processes of word-form encoding,
namely speakers with apraxia of speech (AOS) and
conduction aphasia (CA), engage in compensatory
behavior that surfaces as a trade-off relationship
between acoustic cues. In the next paragraphs we lay
out the theoretical motivations for our hypotheses.
AOS and CA are two major aphasic syndromes
that share a number of characteristics but also differ
in crucial aspects of speech production. Both
disorders affect the sound shape of words and exhibit
so-called ‘phonemic paraphasias’, that is, errors
which surface as segmental substitutions (e.g., gata
‘cat’ identified as /ˈkata/) or transposition of
phonemes (the same word identified as /'taɣa/). Both
populations are typically aware of their deviant
productions and tend to make frequent attempts at
correction. However, the symptomatologies of the
two clinical pictures differ in that, among other
things, the speech of CA speakers tends to be fluent
and well-articulated, in contrast to the slow,
laborious, and aprosodic speech characteristic of
AOS.
From a functional point of view, it is commonly
thought that voicing errors (e.g., /g/ > [k]) may arise
at different levels in the two clinical groups [5, 6, 16]:
at the level of phonetic programming in non-fluent
AOS speakers and at the level of phonological
encoding in fluent CA speakers. Distinguishing
between these two categories has traditionally been
based on VOT measurements. In particular, it has
been suggested that frequent devoicing errors in AOS
are due to difficulties in synchronizing events that
belong to two different subsystems, the laryngeal and
supralaryngeal, as captured by VOT [2]. Yet, if the
VOT values land outside the voiced category, we
hypothesize that AOS speakers may emphasize socalled secondary cues to voicing, showing
compensatory articulation. Thus, an examination of
the subphonemic structure of speech sounds may
throw new light on the phonetics vs. phonology
dichotomy in aphasic speech errors.
Because this paper revolves around the issue of
compensatory articulation, we will frame our
hypotheses within an internal monitoring view,
inclusive of phonetic corrective mechanisms. While
several influential speech production models feature

mechanisms of interaction between motor commands
and error detection components, the Hierarchical
State Feedback Control model (HSFC) [10] offers a
parsimonious account of errors that arise in both AOS
and CA within one single architecture (for
comparison, the DIVA model [9] would account for
apraxic errors while GODIVA [3] would account for
CA errors). According to HSFC, AOS and CA affect
different components of the same dorsal stream,
which is involved in mapping sounds onto motorbased representations. The model posits that CA,
which is associated with damage to the
temporoparietal junction, disrupts sensorimotor
integration and consequently prevents the internal
correction mechanisms from generating a
feedforward corrective command. Accordingly, we
should expect speakers with CA to either exhibit
abnormal patterns of compensatory articulation or not
exhibit it at all. This prediction is consistent with
acoustic data from patients with fluent aphasia,
including CA, which exhibit phonetic irregularities
termed ‘subtle phonetic impairment’ [21].
AOS, on the other hand, is associated with a
disruption of feedforward control presumably due to
left frontal cortical lesions with putative involvement
of subcortical, insular areas. Because an intermittent
access to mental representations is a well agreed-upon
feature of aphasic speech, including AOS, researchers
generally assume that on-target productions reflect a
correct retrieval of phonological specifications for a
given speech sound. Alternatively, we hypothesize
that such items are correctly perceived thanks to
compensatory
articulation,
specifically,
the
enhancement of secondary acoustic cues when the
VOT values fail to signal the voicing contrast. If this
is the case, we should observe an increase in
compensatory activity in correctly identified stops, as
captured by negative correlations between VOT and
secondary cues, as well as by the steepness of the
regression slope relative to that for healthy speakers.
The predictions for errors are somewhat less
straightforward. In the case of devoicing errors (/g/ →
[k]), there is a clear mismatch between the auditory
and motor outputs, because the error involves
crossing the phonological—and frequently also
lexical—boundary (e.g., gata and cata are different
words in Spanish). There is currently no consensus
among researchers as to whether compromising
phonological and lexical value should trigger greater
compensatory activity [4, 7, 11, 17]. The current
study examines the covariation between VOT and
vowel onset f0 in word-initial Spanish stops produced
by CA, AOS, and healthy speakers to ascertain if
speakers with speech impairments exhibit
compensatory articulation.
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2. METHODS
2.1. Subjects, materials and procedure

Six apraxic speakers, four conduction aphasic
speakers, and six healthy speakers took part in this
study. Three out of six apraxic speakers had mild or
residual aphasic deficit. All were native speakers of
Spanish or bilingual Spanish-Catalan speakers with
Spanish self-reported as the predominant language.
The clinical subjects were classified into apraxia and
conduction aphasia on the basis of an initial
assessment using the MTBA battery [15] adapted to
Peninsular Spanish, which confirmed a speech
therapist’s preliminary assessment. Control speakers
matched the participants in terms of age, gender, and
socio-cultural and sociolinguistic characteristics.
The subjects were instructed to read and repeat
words containing voiced and voiceless stops in
stressed and unstressed phrase-initial position (e.g.,
/'gata/ vs. /ga'naɾ/). The following vowel was always
/a/. The number of voiceless/voiced stops analyzed
per speaker group was 218/182 (control), 207/171
(AOS), and 122/109 (CA). Acoustic and auditory
analyses were conducted. First, words were
transcribed in orthography by two investigators
working independently and each stop was classified
as ‘successful voiceless/voiced’ or ‘unsuccessful’.
The category ‘unsuccessful’ involved in all cases
voiced stops identified as voiceless. In the rest of the
paper we will refer to intended voiced stops perceived
as voiceless as ‘devoiced’. Acoustic analyses were
then performed for the successful voiced and
voiceless stops, and unsuccessful stops for control,
AOS and CA speakers. A Praat script was used to
extract VOT and vowel onset f0 at the first available
pulse and no later than 6 pulses into the vowel.2 Raw
onset f0 data were normalized using a z-score
transformation to allow for comparison across
subjects.
2.2. Statistical analyses and interpretation of slopes

To evaluate the relationship between VOT and
secondary features, multiple linear mixed-effects
models (lme4 package) were built for correctly and
incorrectly identified stops for each group of
speakers. The first set of analyses tested whether f0
varied depending on the voicing category (voiced,
‘devoiced’, voiceless). Next, we built separate models
for each voicing category and group (3 categories × 3
groups) with f0 as the response variable and VOT as
predictor. Subject and item were random factors. Cue
covariation was frequently nonlinear and best fitted
with a higher-term equation. In the case of quadratic
equation (1), we report the values of the regression
coefficient β2, which informs about the direction and

steepness of the curvature (convexity being
associated with positive coefficients and concavity
with negative coefficients).
(1)

y = β0 + β1(x) + β2(x2)

The covariation between cues to signal voicing
contrasts in normal and clinical speech may show
multiple patterns. To help the interpretation of
regression slopes, we describe three main patterns. A
negative correlation of the cues suggests a trade-off
between the two cues. That is, when one cue is weak
or sub-optimal, the other cue is realized at a higher
degree of optimality, as seen, for example, when in
voiced stops short negative VOTs (sub-optimal for
Spanish voiced stops) and a lower onset f0 co-occur
and longer negative VOTs and a high onset f0 cooccur. Negatively correlated VOT and f0 would
indicate that ‘overall informativity’ is maintained but
the two cues are given different weights [1, 12]. Lack
of correlation between two cues indicates that the two
cues do not co-vary. A positive correlation may
indicate that two cues co-vary mechanically due to
articulatory dependencies; alternatively, it may
suggest redundancy, or a reinforcing of the cue’s
informativity. Because our focus of study is clinical
vs. healthy speech, if the same correlations between
two cues are found across groups, these patterns may
be a general property of cue covariation, rather than a
different weighting of cues when VOT is impaired.

groups also show voiceless stops with short +VOT
values (M = 14 ms (5); M = 31 ms (12); M = 34 ms
(8)). Phonetic category (voiceless, voiced, devoiced)
predicted variation in VOT for all three groups
(control, F(2,98) = 187, p = .000; AOS, F(2,98) = 136, p
= .000; CA F(2,163) = 77, p = .000). Post-hoc analyses
indicated that VOT for voiced vs. voiceless stops
differed significantly for all three groups of speakers
(F(1,24) = 415, p = .000), but no difference was found
between voiceless and devoiced stops in any of the
groups.
3.2. Onset f0

The bottom panels in Fig. 1 show the distribution of
onset f0 by phonetic category and speaker group.
Statistical analysis showed a significant effect of
phonetic category on f0 variation only in the control
group (F(1,109) = 6.68, p = .011), with voiced stops
showing a significantly lower f0 at vowel onset (M =
-.16 Hz (0.39) than voiceless stops (M = .02 Hz (39),
p = .000). Devoiced stops showed lower f0 than both
voiced and voiceless stops (M = -2.11 Hz (.5)) but due
to a very small sample size (only four tokens) they
were not included in the model. The f0 differences
failed to reach significance in either the AOS (p =
.059) or the CA (p = .879) group.
Figure 1. VOT (top) and vowel onset f0 (bottom)
distribution across phonetic categories and groups.

3. RESULTS

Control

The results of the auditory analysis showed that
speakers with AOS made significantly more
devoicing errors than the other two groups.
Specifically, 38.6% (n = 66) of the intended voiced
stops produced by the speakers with AOS were
identified as voiceless compared with only 15.6% (n
= 17) for CA, and 2.19% (n = 4) for the control group.
Voiceless stops were correctly identified for all
groups. Comparison of the auditory and the acoustic
data in Fig. 1 reveals that ‘devoiced’ stops and ontarget voiceless stops had similar +VOT values for
the two clinical groups (and the control group),
whereas correctly identified voiced stops showed
prevoicing.
3.1. VOT

The top panels in Fig. 1 show the distribution of VOT
for correctly identified voiceless and voiced stops,
and for ‘devoiced’ stops by group. For all three
groups, correctly identified voiced stops show
extensive prevoicing (M = -85ms (4); M = -76ms
(12); M = -81ms (6) for control, AOS, and CA
respectively), with a larger variance for the clinical
groups than the control group. As expected, all three
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3.3. Cue covariation: Onset f0 and VOT

Fig. 2 shows the covariation of f0 and VOT by group
for on-target voiced (top) and voiceless stops
(bottom). In these plots, each point represents the
VOT-f0 relationship for a single token. The different
symbols represent individual speakers. Because the
group data obscures the individual patterns,
regression lines are drawn for each speaker. The top
row of graphs shows that the majority of individual
speakers in all three groups show a concave
decreasing slope between the cues for voiced stops,
that is, shorter negative VOTs are associated with
lower onset f0. This is what would be expected if
there was a trade-off between the two cues (§2.2). By

2

contrast, voiceless stops (bottom graphs) do not show
any correlation between the two cues.
Quadratic regression analyses for vowel onset f0
and VOT covariation, performed on the group data,
showed a significant negative correlation for ontarget voiced stops in control speakers [β2 = 1.60,
F(2,158) = 5.86, p = .003] and CA speakers [β2 = 2.01,
F(2,77) = 20.91, p = .000], but not for AOS speakers
(due primarily to one of the speakers). Voiceless stops
did not show significant correlations between the two
cues for any of the groups.
Figure 2. VOT and f0 correlation fitted with a
regression function for each speaker for on-target voiced
(top) and voiceless (bottom) stops by group.
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Turning to the analysis of ‘errors’, that is, ‘devoiced’
stops (voiced stops identified as voiceless), only the
AOS group produced these errors in sufficient
numbers to merit analysis. Fig. 3 presents the f0-VOT
covariance for this group. Regression lines are drawn
for individual speakers. The figure shows a negative
f0-VOT correlation for the majority of AOS speakers:
for longer positive VOTs, onset f0 was lower,
indicating compensatory behavior. Linear regression
analyses revealed a significant negative covariation
between the cues for this group, where for each
millisecond of increase in VOT, f0 values decreased
by 1.59 Hz (β1 = 1.59, F(1,25) = 5.67, p =
2
.025).
Figure 3. AOS group:
VOT and f0 correlation
fitted with a regression
function
for
each
speaker for ‘devoiced’
stops.
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Our results indicate that speakers with apraxia and
conduction aphasia (and also control speakers)
exhibit covariation of acoustic cues in voiced stops.
While the fine coordination of laryngeal and
supralaryngeal gestures required for voiced stops is
perturbed in the two clinical groups, most speakers —
including healthy speakers— show a negative
correlation between onset f0 and VOT, such that
voiced stops with short prevoicing are produced with
lower onset f0 (Fig. 2, top). Since shorter negative
VOTs do not optimally cue voiced stops in Spanish,
the lower f0 association in the three groups may be
hypothesized to be the result of compensatory
articulation. These results are in line with previously
reported evidence for American English [12, 20].
They are not in accord, however, with those reported
in [8], where no correlation was found between onset
f0 and VOT within the voiced and voiceless
categories in Spanish.
The predictions of the HSFC model receive only
partial support in our data. Specifically, we expected
to find compensatory articulation in voiced stops in
apraxic speech. Examination of individual speakers
(Fig. 2, top) shows that three out of six AOS speakers
show steep negative correlations between the cues for
voiced stops. Interestingly, AOS speakers also show
significant negative slopes in devoiced stops (Fig. 3),
that is, longer voicing lags are associated with lower
onset f0 values. These results suggest that, aware that
their motor plans and VOT values do not land within
the intended phonological category (voiced), AOS
speakers attempt to compensate by lowering f0. In
sum, the AOS group tends to exhibit articulatory
compensation in voiced stops and devoiced stops. On
the other hand, against the predictions of the HSFC
model, the CA group also exhibited compensatory
articulation (i.e., negative slopes) in voiced stops. A
word of caution is in order, however. Because the
same negative VOT-f0 correlations are found in both
the clinical and healthy groups, these patterns may be
a property of cue covariation, and compensatory
patterns may be speaker-dependent.
Finally, regarding the automatic vs. controlled
(enhancing)
nature of f0 variation associated with
speaker
FGR preceding consonant voicing, our results as well as
JLL
our interpretation of compensatory articulation are
JML
LBL compatible with a controlled account. Our findings
MBF are not in line with those reported in [13], where a
MGS
positive VOT-f0 correlation is found for French and
Italian, which is interpreted as supporting a
biomechanical account (though the authors do not
discard the possibility that speakers may enhance the
effect).
speaker
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limited the number and comprehensiveness of
research studies [9,24]. This is a particular
problem in studies of children with speech
disorders that affect intelligibility [9].
Further, the acknowledged best way to
characterize child speech is from longer,
spontaneous productions, but the need for
transcription and analysis of this large volume
of data typically limits standardized testing to
shorter, more controlled utterances [20,25]. To
address this limitation, researchers have turned
to automatized methods to quantify patterns in
child vocalizations [6,17,24,33,35,36].

ABSTRACT
A common indicator of speech production
disorders in children is a reduced ability to
articulate complex syllables. Clinical studies of
syllabic complexity of child speech have
traditionally relied on phonetic transcription by
trained listeners to characterize deviations in
phonotatic structure. The labor-intensive nature
of transcribing, segmenting, labeling, and handcounting syllables has limited clinical analysis
of large samples o f continuous speech. In this
paper, we discuss the use of a computer-assisted
method, Automatic Syllabic Cluster Analysis,
for broad transcription, segmentation, and
counting syllabic units as a means for fast
analysis of differences in speech precision when
comparing children with and without speechrelated disorders.
Findings show that the
number of syllabic clusters per utterance is
a significant indicator of speech disorder.

Automated approaches using acoustic features
have been used in a number of studies [1-5,
24, 32, 35]. Another common approach is to
employ ASR (automatic speech recognition) as
an alternative to hand transcription [6, 36, 37].
ASR however, requires training of a large
database of words and has been challenged by
child speech [26]. In the case of very young
children and children with speech impairments
that affect intelligibility, although speech may
be perceptually difficult to understand by
humans, phonotatic patterns are still able to be
detected [9-10].

Keywords: continuous speech, automated
analysis, syllables, chi l d speech
1. INTRODUCTION
In the course of development, children become
more and more facile at voluntary coordination
of the motoric movements necessary for
utterance of complex syllables [14,15,35]. The
mastery of complex syllables has been shown to
be a powerful predictor of later communication
skills [10,23,25]. Children with delayed speech
acquisition do not show this same developmental
trend and deviations in syllable acquisition may
serve as diagnostic marker of future speech
delay [7,8,20]

To characterize difference in syllable
complexity in children with and without speech
disorders, we utilize an automated approach that
is designed to detect syllabic units without
reliance on word identification. The
SpeechMark® landmark analysis system
segments syllables using acoustic landmarks.
Acoustic landmarks do not depend on the
intelligibility of phonemes to characterize
speech but focus on detecting change in
acoustic patterns based on articulatory
movements in the vocal tract and articulatory
timing [2,3] These acoustic events that occur
based on changes of the articulatory shape of
the oral cavity are called landmarks. Unlike
approaches based on ASR, this method does
not depend on identification of specific words
or speech sounds in the signal. Instead, the
pattern of landmarks provides a method for

Historically researchers have been challenged to
find ways to quantify maturation of speech
production in young children, particularly in
continuous speech [18,30].
Conventional
approaches have typically involved careful
transcription of child speech by researchers
with specialized training. The time and labor
intensive nature of such studies has necessarily
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tracking articulatory patterns held in common
across different syllables, words or sentences.
Thus, landmark-based tools are particularly
well- suited for analysis of non-lexical
(independent of phonemic identification)
articulatory differences in the way a word or
syllable is produced [7,8,27].

F: Continuing frication: marks a time of
maximally well-developed air turbulence.
1.2. Syllabic Cluster Analysis

SpeechMark’s extension of the landmark
system, Automatic Syllabic Cluster Analysis,
further groups the landmarks into syllabic
units. Syllabic Clustering occurs after
landmarks have been detected in the signal.
Consecutive abrupt oral and glottal landmarks
ar e gr oup ed a round non-abrupt vowel
landmarks into clusters that approximately
match the shape of phonotactically wellformed linguistic syllables. Syllables with a
simple structure will show fewer landmarks,
while syllables with a complex structure will
show more landmarks and more unusual patterns
of landmarks[3].
The method detects differences in articulatory
precision as a difference in how many of the
landmarks characteristic of the canonical
form are present, and in what pattern. Recall
that the detection of abrupt landmarks is based
on thresholding---when a syllable is produced
with articulatory movements that are strong
and timed appropriately, the acoustic
signatures will meet the threshold, and the
full set of landmarks will be detected. When
the same syllable is spoken with fewer
extreme articulatory movements in a shorter
period of time, the landmark thresholds will
not be reached, and fewer landmarks will be
detected. Thus, different syllabic cluster
groupings will be detected when (1) a string of
intended syllables is produced in its canonical
form (CCVC), (2) in a less complex form
(CVC), or (3) a more lenited, (i.e. softened
consonant) form (/t/ becomes /ɵ /, /s/ becomes
/f/, etc. For example, the sequences “aah”,
“bah”, and “bat” consist of V, CV, and CVC
syllables. If produced canonically, they would
be distinguished from one another as +g-g,
+b+g+s-g, and +b+g+s-g+b-b. Note that,
because of the non-lexical aspect of the
SpeechMark system, many words with similar
syllabic shape will show up with identical
sequences of landmarks; for example, if
produced in canonical form, the words
“backed” and “that’s” will both appear as
+g+s-g+b-b. If “backed” is produced with a
more weakly produced final stop consonant—
i.e. more like “back” with an unreleased final
“k”—it will appear as +g+s-g.

1.1 SpeechMark® Landmark Analysis System

The SpeechMark® system is based upon the
prior work of Stevens et al. [27-29], Liu [21],
and Howitt [12] Abrupt landmarks occur at
points where abrupt changes in the amplitude
of several frequency bands reach
predetermined thresholds for detection.
Landmark detection occurs by first computing a
spectrogram with a 6ms Hanning window every
1ms. The spectrogram is then divided into the
six frequency bands, ranging 0.0 −0.4, 0.8−1.5,
1.2−2.0, 2.0−3.5, 3.5−5.0, and 5.0−8.0 kHz
[12,21]. The algorithm localizes moments
where abrupt changes and peaks in energy
occur. An “abrupt” change occurs when power
increases/decreases at the minimum of 6 dB
simultaneously in the finely and coarsely
smoothed contours [13]. When the energy
change is not sufficient to meet the threshold
the landmark will not be detected.
Abrupt glottal and oral landmark types used in
this study, and their mnemonic labels:


g: glottis. Marks the beginning (+g) and
end (-g) of sustained laryngeal motion near
a segment of sustained periodicity.
 p: periodicity: Marks the beginning (+p)
and end (-p) of sustained periodicity of
an appropriate period.
 s: syllabicity: Marks sonorant consonantal
releases (+s) and closures (-s) in a voiced
segment
 b: burst: Marks frication onsets or
affricate/stop bursts (+b) and the point
where aspiration or frication ends (-b) in an
unvoiced segment


f: unvoiced frication onset (+f) and offset
(-f) of simultaneous power
increases/decreases or decreases/increases
of high frequencies/low frequencies
respectively
 v: voiced frication onset and offset of
simultaneous power increases/decreases
(+v) or decreases/increases (-v) of high
frequencies/low frequencies respectively

Figure 1: Landmarks and Syllabic
Clusters. The segment shows the word seven,
together with the landmarks found ( magenta,
solid lines for high strength, otherwise
dotted). Dentiles over the waveform mark the
syllabic clusters of the two syllables (dashed
red, 5.72-5.85s and 5.91-6.20s). Other

Non-abrupt landmark
V: Vowel: Marks a time point corresponding
to local maximum harmonic power
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dentiles mark the voiced segment (solid cyan,
5.72-6.20s), which extends through both
syllables, and the utterance cluster (dashed
green, top, either 5.60-6.20s or 5.72-6.20s,
depending on the strength threshold of
landmarks to be included). The example also
shows a peak-type landmark (5.70s).

2. METHODS
2.1. Participants

The speech of 37 children ages 3-5 was
analyzed using Syllabic Cluster Analysis to
m e a s u r e differences b e t w e e n groups. Of
the children, 27 were typically developing
and 10 wer e diagnosed with speech sound
disorder. Speech was recorded in either of two
locations—in a quiet room at a community
preschool or a university clinic. Children were
screened for normal hearing using the criterion
of sound detection at 20 dB HL for pure tones
at 500, 1000, 2000, and 4000 Hz. Speech and
language were assessed using the Clinical
Assessment of Articulation and Phonology
2nd edition [34] and the Clinical Evaluation
of Language Fundamental-preschool 2nd
Edition [38]. Children with standard scores of
80 or greater were considered to be typically
developing. Children with lower scores were
considered to fit the diagnosis of Speech
Sound Disorder.

1.3 Toward Automated Speech Disorder Detection

Both landmark patterns in general, and
Syllabic Clusters in particular, have been shown
to correlate with changes in articulatory
precision in normal and disordered speakers
[2,3, ]. Studies have shown that syllabic cluster
patterns are significantly different in clear vs.
conversational speech, and can distinguish
more- vs. less-intelligible speakers [4]. Adult
speakers with disorders show different patterns
of landmarks and syllabic clusters relative to
typical speakers [3,5,13].
As noted above, studies using transcription and
syllabic coding have shown that children
become more adept at producing complex
syllables as a function of age and practice.
Further, children with speech disorders lag
behind their peers in this skill [14,31,35].
Accordingly, we expect to find that children
with speech sound disorders, will produce
fewer syllabic clusters, and that the clusters
themselves will be simpler. In the case of
child speech, complex syllables that an adult
might produce as a syllabic cluster with
multiple landmarks (e.g. “string”) may be
produced as a simpler syllable with fewer
landmarks (“sring”, “ring”), or even be broken
into two syllables of simpler structure
(“siring”). Depending on the degree to which
the transcriber is aware of small phonetic
differences, “siring” might be transcribed as
/sərɪŋ/ or /strɪŋ/. In this paper we apply the
Automatic Syllabic Cluster Analysis to
differentiate between children who have
typically developing speech production and
those with speech production disorders.

2.2 Recordings

Continuous speech samples were elicited using
a child story book with repetitive sentences for
each subject (Brown Bear, Brown Bear, What
do You See [16]). Recordings were collected
using a Shure wireless system with a
unidirectional, cardioid lavalier microphone and
receiver connected to laptop computers. Speech
was recorded directly using WaveSurfer
(www.speech.kth.se/wavesurfer/). The Shure
body pack transmitter and microphone was
worn by the child on a well-fitted vest. Samples
were digitally processed at a sampling rate of
22K and 24bit depth. A total of 1172 sentences
from 37 child speakers were r e c o r d e d f o r
analysis.
2.3 Instrumentation

Syllable complexity was measured using the
Syllabic Cluster Analysis algorithm in the
SpeechMark ® Matlab toolbox. The following
parameters were analyzed: number of (1)
landmarks (LMs), (2) syllabic clusters (SCs),
(3) landmarks per syllabic cluster (LM/SC),
and (4) syllabic clusters per utterance
(SC/Utts). LM/SC and SC/Utts were used in
logistic regression models as predictors of
disordered group status.
3. RESULTS
Mixed-effects logistic regression models were
fit to analyze how well LM/SC and SC/Utts
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interquartile region (lower and upper box
limits), with the notch indicating an
approximate 95% confidence interval for the
median. The whiskers indicate 1.5 times the
interquartile range, with dots indicating data
outside this range.

predict disordered group status. Mixed models
are useful for analyzing multiple observations
within subjects, providing flexibility in
modeling expected values, as well as betweensubject differences simultaneously [11]. The
mixed-effect and standard models yielded
equivalent results.
Table 1: Logistic regression model fits for
landmarks per syllable (top row) and syllable
clusters per utterance (bottom row). Slope
estimates (first column), standard errors (second
column), z values (third column), and p values
(fourth column).
Estimate

SE

LM/SC

0.01

0.05

SC/Utts

-0.21

0.031

z value
0.17

Pr(>|z|)
0.85

-6.85 <.001

4. DISCUSSION
In this study, we applied the Automatic Syllabic
Cluster Analysis approach as a computerized
method for analyzing continuous speech
samples recorded by preschool aged children.
Syllabic complexity was measured as a means
of detecting differences between talkers who
were identified to have typically developing
speech production and those with speech
production disorders. Syllabic clusters per
utterance was found to be a significant predictor
of disordered speech in running speech
samples. One of the challenges in measuring the
speech of older children with speech disorders is
that errors may overlap with typical
developmental speech errors in younger
children.

The slope estimate and standard error for LM/SC
indicates that LM/SC is a very poor predictor of
disordered group status. On the other hand, the
slope estimate and standard error for SC/Utts
indicates that SC/Utts is a useful predictor of
disordered group status. The slope estimate of 0.21 indicates that for each unit increase in one
SC/Utts, the probability of being in the TD
group decreases by approximately 0.05.
Figure 2. Landmarks per syllable cluster
(LM/SC) and disordered group status. The xaxis indicates group status (TD = Typically
Developing; D = Disordered), and the y-axis
indicates LM/SC. The boxplots indicate the
median (thick horizontal line) and
interquartile region (lower and upper box
limits), with the notch indicating an
approximate 95% confidence interval for the
median. The whiskers indicate 1.5 times the
interquartile range, with dots indicating data
outside this range.

5. CONCLUSIONS
Automated Syllabic Cluster detection is
useful for detecting differences in speech
production
utilizing
a
landmark-based
technology. This approach could serve 1) as a
computer-assisted approach to measuring
syllable complexity when analyzing speech
spoken by preschool-age children and
particularly those with decreased intelligibility
due to speech disorders and, 2) a means for early
identification of children who are developing on
abnormal trajectories using continuous speech
samples.
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Figure 3. Syllable clusters per utterance
(SC/Utts) and disordered group status. The xaxis indicates group status (TD
= Typically Developing; D = Disordered), and
the y-axis indicates SC/Utts. The boxplots
indicate the median (thick horizontal line) and

At present, SpeechMark® is available without
cost to researchers (www.speechmrk.com)
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ABSTRACT
The present study examined the production
performance of Mandarin lexical tones by
prelingually deaf children with cochlear implants
(CIs). The main purpose was to obtain a
comprehensive understanding about how CI children
acquired lexical tones in Mandarin Chinese. The
results showed that, compared with normal-hearing
(NH) children, CI children followed the universal
development order to tone acquisition but displayed
more articulatory errors and more diverse error
patterns; successfully maintained the pitch contour of
each lexical tone but at the cost of pitch height and
pitch slope; strategically relied more on “creaky voice”
to realize the low-dipping property of Tone 3;
acoustically performed better in Tone 1 and Tone 2,
yet still categorically overlapped. Significant
correlation was found between Mandarin lexical-tone
accuracy performance and the length of CI device use
but no systematic correlation between F0
measurements and the use of CI devices.
Keywords: Cochlear implants, lexical-tone, accuracy,
F0, acoustic distance
1. OBJECTIVES AND BACKGROUND
Previous studies demonstrated that cochlear implants
(CIs) enabled a number of severely hearing impaired
individuals to access auditory information and
effectively improve speech perception as well as
speech production skills to some extent (e.g. [1, 24,
29]). However, by directly converting the acoustic
signals to electrical impulses, pitch information is not
explicitly presented in the electrical stimulations in
current cochlear implant technology [17], thus
resulting in deficits in the recognition of lexical-tone,
speech-intonation, melody and other pitch-related
complex acoustic stimuli [9], [19], [28].
In tone languages such as Mandarin Chinese, pitch
not only carries the lexical meaning of a syllable but
also conveys various expressive functions of a
sentence. So much information relies on the pitch
variation that it becomes a particular challenge to CI
users who speak tone languages. In fact, evidence has


shown that their performance on tone perception and
production is far from satisfactory.
Mandarin Chinese has altogether four distinct tone
patterns. Each is distinguished by its distinctive pitch
contour (F0 contour) as well as pitch height (F0
height). In general, Tone 1 is a level tone located in a
relative high F0 region; Tone 2 is a rising tone but the
onset of the rise occurs in the middle region of the F0
range and ends at a point approaching the F0 height
of Tone 1; Tone 3 is a low-dipping tone, typically
with a slowly falling dipping and a small rise toward
the end (there are other atypical free variants: low
falling and low dipping with creaky voice [4], [5]);
Tone 4 is a falling tone, starting high and falling to
the bottom of the range [29]. Previous studies have
shown that Tone 2 and Tone 3 are more confusable
than other tonal pairings to native speakers and are
also the last to be acquired by Mandarin-speaking
children with normal hearing [2], [12], [14].
For Mandarin-speaking children with cochlear
implants (CIs), some findings are slightly
controversial. For example, some previous studies
demonstrated that Tone 1 and Tone 4, lack of dipping
property, were mastered earlier than Tone 2 and Tone
3 (e.g. [6, 23, 25]); while some showed that Tone 4
was the most challenging to acquire, due to its
shortest duration (e.g. [7]). Moreover, some studies
confirmed that age at implantation and the length of
CI device use were both found to be significant
contributors for tone production and perception in CI
children [18]; while some claimed that only age at
implantation matters [13].
The present study will examine the tone production
by prelingually deaf Mandarin-speaking children
with CIs. Meanwhile, the effects of CI devices on the
tone production will also be explored. The main
purpose is to obtain a comprehensive understanding
about how CI children acquire Mandarin lexical tones.
Three research questions are proposed:
1. To what extent the children with CIs can
accurately produce Mandarin lexical tones, in
terms of accuracy and confusion pattern?
2. What are the acoustic differences in tone
patterns between CI and NH children, in terms
of F0 measurements?
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3. How are the children’s post-implant tone
production skills associated with the factors of
CI devices?
2. METHOD
2.1. Stimuli and procedure

Each participant produced a list of 113 isolated
Mandarin monosyllables that contained all the target
lexical tones and were phonemically balanced. All the
target words were elicited through a modified
imitative task and randomised in order not to be
predictable. For each target word, the participants
first heard an audio prompt naturally produced in a
citation form by a female native Mandarin speaker
and were then asked to repeat the word once
immediately after the audio prime (repetition was
allowed). The reasons for using audio prompt instead
of an adult clinician’s utterance are first to avoid the
possible exaggeration by the clinician to facilitate the
child’s best production [27], and second to maintain
the homogeneity for each target stimuli.
2.2. Participants

Altogether, 21 prelingually deaf Mandarin-speaking
children with unilateral multi-channel CIs (12 male
and 9 female) were recruited and 11 NH children (4
male and 7 female) were used as a baseline. The CI
participants were aged between 4.33 to 12.33 years
(mean: 9.29 years) at the time of recording and their
average length of CI experience was 6.37 years. All
of them were non-verbal prior to implantation and
were reported to have no visual, developmental or
cognitive problems except for a hearing impairment.
Most of them received their implants before the age
of 4 years (averagely 2.92 years), which was claimed
to be a crucial age for tone acquisition by previous
studies [19], [31]. After the surgery, all of them
received intensive speech and language training at
professional rehabilitation centres in Shanghai and
mainly used oral communication. Detailed
demographic information for CI children is omitted
due to the length limitation.
The average age of NH participants were 7.38
years (range from 3.5 to 10.58), chronologically
slightly younger than the CI group, but the length of
acquiring lexical tones was nearly the same as the CI
group. All had been reported without language or
speech impairments. All participants use spoken
Mandarin at home and in their daily life.
2.3. Data analysis

Both NH and CI participants’ speech samples were
first transcribed by two native Mandarin speakers
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trained in phonetics and if there was inconsistency
between the two transcribers, the first author doublechecked it and made a final decision. The transcribers
were instructed to code the tone production as
accurate (including acceptable but distorted) or
mispronounced. The mispronounced sounds were
then analysed for the accuracy and confusion pattern.
After transcription, all speech samples (except
those mispronounced ones), were annotated for
further acoustic analysis in Praat [3]. Acoustic
analysis mainly focused on the measurement of
fundamental frequency (F0), as it was proved to be
the primary acoustic parameter to characterize
Mandarin lexical tones, though other parameters like
intensity and duration also counted [11], [16], [29].
The onset and offset of vowels were manually
labelled by referring to the change of F2 in the
spectrogram [15]. Then, the F0 of the vowel at ten
equidistant points were extracted in “ProsodyPro”
[32], thus all the F0 measurements (including the
minF0, maxF0 and meanF0) of vowels for all
stimulus syllables were obtained. Meanwhile, all raw
F0 values were converted from Hertz to log-scale 5level values. Time-normalized F0 contours for
Mandarin lexical tones were thus compared between
CI and NH children.
The pitch trajectories of all the speech samples
obtained were further characterized by two variables:
the pitch height and the pitch slope. The acoustic
distance between each tone produced by CI
participants and the native norm (grand mean of a
certain tone category produced by the NH participants)
was also calculated based on the above two variables,
according to Euclidean Distance (see details in [33]).
So the discrepancy of tone production between CI and
NH children can be quantified.
A one-way ANOVA was conducted to examine the
effect of group on Mandarin lexical-tone production.
Pearson correlation analysis was also performed, so
the interrelation between the use of CI devices and
Mandarin lexical-tone production can be observed.
3. RESULTS AND DISCUSSION
3.1. Accuracy metrics and confusion patterns

In order to answer Research Question 1, the overall
articulatory accuracy and the confusion matrix were
presented in Table 1, with the NH children as a
reference. Not surprisingly, the CI group produced
Mandarin tones with significantly lower accuracy
than the NH group, especially in Tone 2 (F (1, 31)
=27.572, p<0.001) and Tone 3 (F (1, 31)=12.468,
p<0.01). But it also turned out that most CI children
had established a complete tonal inventory before 4
years of hearing age and could produce most lexical

tones (except T2: 70.6%) with the mastery level
accuracy (above 75% accuracy) [20], [22], which is
consistent with the previous studies [19].
A universal principle for the order to tone
acquisition indicates that Tone 1 and Tone 4 are
mastered earlier than Tone 2 and Tone 3 [23], [26].
The results revealed from the present study were
consistent with this tone development order. But
besides Tone 3, Tone 2 became another challenging
tone for the CI children, for acoustically Tone 2 has
also a slight dipping acoustical property and
physiologically producing rising tones may be
associated with more vocal effort [8], [10], [21].
According to the confusion matrix, the CI children
made more diverse error patterns than the NH
children. For example, Tone 4 was mispronounced as
Tone 1, Tone 2 or Tone 3 in the CI group, while only
as Tone 1 in the NH group. Tone 3 was confused with
Tone 2 and Tone 4 in the CI group, while mainly
confused with Tone 2 in the NH group.

Tone 3, as the most challenging lexical tone for
both CI and NH children, was further examined for
its other free variants: low falling and low dipping
with creaky voice. All these variants were found in
both groups, but with different incidence. The results
showed that compared with the NH children, the CI
children appeared to be more likely to realize the lowdipping property with creaky voice and the average
incidence rate was almost 50% of their production.
The low-falling pattern occurred with relatively lower
incidence in both groups (CI: 19.13%; NH: 22.56%).
Statistically, there was a significant difference in the
incidence of creaky voice in Tone 3 between the CI
group and the NH group (F (1, 31) =5.409, p<0.05).
Figure 1: Time-normalized F0 contours for Mandarin
lexical tones. (Left: CI group; Right: NH group)

Table 1: Confusion matrix for CI and NH children.

3.2.2. Pitch slope and pitch height

3.2. Acoustic analysis: F0 measurements

3.2.1. Pitch contour
The typical Mandarin lexical-tone contours produced
by the CI children and the NH children were
displayed in Figure 1. Generally speaking, the CI
children successfully maintained the pitch contour of
each tone, but showed great inadequacy in
manipulating the pitch height and thus compressed
the whole pitch range a lot, especially in the contour
tones. In other words, tones with high F0 were not
sufficiently high and tones with low F0 were not
sufficiently low. For example, Tone 4 is supposed to
be a high-falling tone, but in the CI children the onset
of the falling occurred in the middle region of the F0
range; Tone 3 is supposed to be a low-dipping tone,
but in the CI children, it was not low enough, thus
making the dipping property not as prominent as in
the NH children.
Moreover, Tone 2 and Tone 3 in the CI children
occupied about the same pitch range and had a similar
dipping shape, which made the two tones more
confusable. So far producing the level tone pattern
(Tone 1) appeared to be the easiest for the CI children.
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The pitch trajectories of all the speech samples
obtained were characterized by two variables: the
pitch height and the pitch slope. An overall view of
tone distribution was shown in Figure 2 (except Tone
3). Each point in the panel represented the average
value of a single participant’s production of one tone
category. Each ellipse covered more than 90% points
of the same tone category.
Figure 2: Tone charts for Mandarin lexical tones. (CI: solid
line; NH: dotted line)

Firstly, the CI group showed greater dispersion for
each tone category than the NH group, which
indicated that individual variability was a persistent
characteristic as mentioned in the previous studies.
Moreover, the three lexical tones produced by the CI
participants overlapped substantially (especially
Tone 1 and Tone 2), while the NH participants
showed clear differentiation between those tone

categories. It suggested that the tone categorical
boundaries were still obscure for the CI children.
Studies indicated that CI children were very likely to
produce most of Mandarin lexical tones as flat tone or
monotone [30].
3.2.3. Acoustic distance
Acoustic distance of each lexical tone between the CI
children and the NH children was calculated based on
the above two variables (pitch height and pitch slope),
according to Euclidean Distance (see formula (1)).
(1) 𝐷 = √(𝐻𝐶𝐼 − 𝐻𝑁 )2 + (𝑆𝐶𝐼 × 10 − 𝑆𝑁 × 10)2
HCI, SCI, HN and SN respectively stand for the pitch
height and the pitch slope of the CI children and the
native norm (see section 2.3.). The pitch slope,
ranging between -0.5 and 0.5, was multiplied by 10
so that it was enlarged to the same range as the pitch
height. Tone 3 (hereby referring to the typical low
falling-rising), was handled differently from the other
tones, as the turning point divided the pitch contour
into two parts: the falling part and the rising part. The
acoustic distance of Tone 3 was calculated by casting
the two parts up with different coefficients. The
coefficients were determined by the occurrence of the
turning point. In the CI group, the median of the
turning point occurred at the 7.5th point, thus the
coefficient for the falling part is about 0.68 and 0.32
for the rising part. Smaller distance means higher
resemblance between the CI participant’s production
and the native norm.
The results showed that acoustically Tone 1 was
the closest to the native norm, thus the easiest one to
grasp for the CI participants; while Tone 3 exhibited
the longest acoustic distance, which meant that it was
the worst mastered tone category, probably due to its
complicated pitch property. In addition, Tone 4 in the
CI participants was mastered worse than Tone 2,
which was slightly inconsistent with the findings in
Section 3.1. The overall articulatory accuracy results
indicated that Tone 1 and Tone 4 were articulated
with higher accuracy rates than Tone 2 and Tone 3.
This inconsistency may be caused by the elicitation
and recording procedures. In the present study, audio
prompt was used to directly elicit speech production.
The participants were required to recognize the
lexical tone first and then articulated it. Therefore, the
highest error rate of Tone 2 may result from its
perceptual difficulty rather than its acoustic property.
3.3. Interactions between CI device use and Mandarin
lexical-tone production

The interrelation between tone production
performance (in terms of articulatory accuracy and
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acoustic distance) and the use of CI devices (mainly
in terms of age at implantation and length of CI device
use) were examined by Pearson correlation analysis.
The length of CI device use was found to be the only
significant predictor for overall tone articulatory
accuracy (r2=0.514, p<0.05). Among all the tone
categories, the accuracy performance of Tone 3 and
Tone 4 was significantly correlated with the length of
CI device use (RT32=0.463, p<0.05; RT42=0.492,
p<0.05). Tone 1 (most accurately produced tone
category) and Tone 2 (worst produced tone category)
were neither directly influenced by the length of CI
device use nor age at implantation.
As for the acoustic distance, no significant
correlation was found between the use of cochlear
devices and F0 measurements of Mandarin lexicaltones. The acoustic discrepancy may be relevant to
other factors of CI devices, such as the intrinsic
spectral resolution, which needs to be further studied.
4. CONCLUSION
The present study mainly discussed the production
performance of Mandarin lexical tones in
prelingually deaf children with cochlear implants
(CIs). The main purpose is to reveal the underlying
processes and preferred strategies in Mandarin tone
production utilized by CI children.
Some interesting findings are illustrated here: 1) CI
children followed the universal development order to
tone acquisition and could produce most Mandarin
tones with the mastery level accuracy. But compared
with NH children, CI children displayed more
articulatory errors and more diverse error patterns. 2)
CI children were able to maintain the pitch contour of
each lexical tone, but showed great inadequacy in
manipulating the pitch height and thus compressed
the whole pitch range a lot, especially in the contour
tones. Moreover, CI children were more inclined to
realize the low-dipping property of Tone 3 with
creaky voice. 3) Although the acoustic performance
of CI children in Tone 1 and Tone 2 was better, the
categorical boundaries of the two lexical tones were
still obscure. In addition, individual variability was a
persistent characteristic as mentioned in most
previous studies. 4) With regard to acoustic distance,
Tone 1 approached the native norm, while Tone 3 was
the most discrepant one for CI children. 5) Only the
length of CI device use was found to be a significant
contributor for accuracy performance of CI children,
but no potential contributing factors were found for
their acoustic performance. Further studies are
targeting to take more spontaneous data to verify
these results, including tonal production in
continuous speech.
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ABSTRACT
The aim of this study was to evaluate the
significance of four derived acoustic measures of
speech in Hindi speaking children with hearing
impairment (Group I, n=16). Typically developing
children (Group II, n=30) were included as control
group. The derived measures considered were vowel
space area (VSA), formant centralization ratio
(FCR3), four vowel articulation index (VAI4) and
the vocalic anatomical functional ratio (VFR). These
were derived from formant frequencies (F1 & F2) of
vowels /ɑ/, /i/, /u/, and /æ/. Parametric statistical
analysis was performed to compare these measures
across the groups. Results indicate a statistically
significant difference in VSA, FCR3, VAI4, and
VFR between the groups. VSA was found to be the
most significant measure. Hence, these derived
acoustic measures can aid in developing automatic
speech assessment tools and in evaluating the
efficacy of speech therapy techniques for children
with hearing impairment.
Keywords: vowel space area,
formant frequencies, hearing impairment.
1. INTRODUCTION
Speech is a primary mode of communication, and
listeners to speech of children with hearing
impairment (HI) experience reduced speech
intelligibility. This is primarily because of the
presence of articulation errors associated with
speech production in children with HI. Extent of
articulation errors depend on type (sensorineural or
conductive), degree (moderate, severe, or profound),
and onset of hearing loss.
Children with HI exhibit errors in place of
articulation (substitution) and voicing (voiced
become voiceless sounds & vice versa). Articulatory
errors are often observed in posteriorly articulated
sounds because the articulatory gestures are less
visible. Besides, errors in consonant clusters were
also identified. Children either omit consonant or
insert schwa /ə/ vowel during the production of
clusters [1].
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The vowel substitutions are frequently observed in
children with HI. They attempt to produce the back
vowels more appropriately compared to the front
vowels. The vowels with closer degree of stricture
are difficult to articulate than open vowels [2, 3, 4].
However, Stein [5] reported that back vowels are
produced anteriorly by children with HI. In addition
to these errors, neutralization of vowels (sounds like
schwa
/ə/
vowel),
diphthongization
of
monophthongs [6, 3], vowel nasalization [7] are also
reported.
Speech of children with HI exhibit variations in the
formants of the vowel production compared to
typically developing children (TDC). Acoustic
analysis provides a quantitative assessment that has
the potential to precisely evaluate the formant
characteristics and severity of speech disorders. This
will further assist in monitoring the prognosis of
speech therapy [8]. Objective assessment through
acoustic analysis also aids in the development of
tools for automated assessment of severity of speech
disorders.
First formant (F1) and second formant (F2)
determine the vowel space area, which is a measure
of acoustic space of vowels. The acoustic space is an
indicative of the vowel distinctiveness during the
production. The acoustic studies in children with HI
have revealed an overlap between vowel formants
indicating limited formant space. A significant
degree of overlap between the vowels in the vowel
space would result in vowels to be less
differentiated, and more centralized [9, 10, 3, 11].
The reduced vowel space can result in reduced
intelligibility of speech of these children with HI
compared to TDC [4].
Many researchers have investigated the interactions
of acoustic measures of speech in spectral and
temporal domain [4, 6, 10]. Vorperian and Kent[12]
evaluated the acoustic characteristics of vowel
quadrilaterals by measuring vowel space area
(VSA), formant centralization ratio (FCR3), four
vowel articulation index (VAI4) and the vocalic
anatomical functional ratio (VFR) in speakers with
Down syndrome. VSA is a measure of acoustic
space, FCR3 is a measure of vowel centralization,

VAI4 is a measure of vowel contrast, and VFR is a
measure of contrast of high vowel /i/ and /u/. The
results of the study [12] show reduced VSA, VAI4,
and VFR values and increased FCR3 in speakers
with Down syndrome compared to their peers.
However, there were no considerable investigations
made to measure FCR3, VAI4, and VFR of the
speech in Hindi speaking children with HI.
Evaluating
these
measures
improves
the
understanding of the vowel space for speech
production in children with HI. These measures can
aid in developing tools for automated assessment of
severity of disordered speech. Thus, the purpose of
this investigation was to evaluate VSA, FCR3,
VAI4, and VFR in children with HI (group I) and
TDC (group II), compare and find the significance.
1.1. Objectives of the study
• To measure and compare the formant frequencies
(F1 and F2) for four vowels /ɑ/, /i/, /u/, and /æ/ in
children with HI (group I) and TDC (group II).
• To estimate the derived acoustic measures such
as VSA, FCR3, VAI4, and VFR in children with
HI (group I) and TDC (group II) and compare
them.
• To establish the most significant derived measure
which will aid in the differentiation of the groups.
2. METHOD
2.1 Subjects
The study was conducted using a standard group
comparison of 46 participants, and utilized a
convenience sampling method. Group I includes 16
Hindi speaking children aged 3-9 years [9 girls
(Mean age of 5.39, SD-1.04) and 7 boys (mean age
of 6.21, SD- 1.28)] with HI. These children exhibit
bilateral sensorineural or mixed hearing loss
ranging from severe to profound degree (hearing
loss > 71dBHL). All the participants were
recommended and fitted with bilateral digital
hearing aids. Group II comprised of 30 TDC [13
girls (mean age of 6.31, SD-1.27) and 17 boys
(mean age of 6.87, SD-0.98)] in the age range of 39 years. They were screened informally by a
speech-language pathologist to rule out any speech,
hearing, sensory or neurological deficits and other
abnormalities. Children with any syndromes or
associated abnormalities were excluded from the
study. Written consent was obtained from guardians
of the participants prior to the study.
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2.2 Materials
Stimuli
The vowels (/ɑ/, /i/, /u/, /æ/) embedded in the initial
position of meaningful Hindi words were selected as
stimuli. For each vowel one meaningful word was
selected. Thus, four words (/a:ɡ/, /iːʃʋər/, /u:pər/,
and /e:k/) were included as stimuli.
Instrumentation
The stimuli were recorded through a precision Sound
Level Meter Type B & K 2250 with sound recording
software BZ 7226. PRAAT 5.1 software [13] was
used to measure the formant frequencies (F1 & F2).
2.3 Procedure
Each participant was seated comfortably in a sound
proof room in an upright position. All stimuli were
spoken by an adult native Hindi speaker. The
samples were recorded by a microphone kept at a
distance of 15 centimeters from the participant.
Recorded samples were digitized at the sampling
frequency of 22.1 kHz represented by 16 bits per
sample and stored in a PC. The stimuli were
presented with an inter-stimulus interval of 7
seconds, and the participants were instructed to sit
relaxed and repeat the Hindi words.
Five repetitions of each word were recorded. The
vowels were analyzed for the F1 and F2 formant
frequencies by selecting a 50 ms steady-state portion
of the midsection of the vowel in the initial position
of the word. F1 and F2 were automatically computed
by the PRAAT Software and the acoustic measures
were then derived.
2.4. Analysis
The stimuli recorded from TDC were included in
analysis and mean values of F1 and F2 of each
vowel were computed. Out of the five repetitions of
each word spoken by children with HI, the best
recorded word selected by an experienced Speech
Language Pathologist was used for analysis. The
derived acoustic measures were computed based on
the formulas [12] given below.

Parametric statistical analysis was performed using
IBM SPSS tool. Shapiro Wilks Test for normality
and Levene test for homogeneity of variance was
satisfied (p> 0.05). A one way ANOVA was
conducted between the groups to compare the
effect of hearing loss on formant frequencies and
their derived measures for vowels in group I and
group II. To evaluate the most significant measure
among derived, G-Power statistical software was
used. The effect size and power of these measures
were calculated using this software.

The derived acoustic measures were calculated and
compared across the groups. VFR, VAI4, and VSA
in group II were higher than those in group I and
FCR3 in group I was higher than that in group II.
Results indicated a significant between-group
difference in derived measures of VFR, VAI4,
FCR3, and VSA at p<0.01. The SD across the
groups for the parameters were nearly same.

3. RESULTS
Formants F1 and F2 of the four vowels (/ɑ/, /i/, /u/,
& /æ/) across the groups were measured. The results
indicated that, relative to the other vowels, F1 values
for the vowel /ɑ/ were significantly higher than the
other vowels in both the groups. The lowest F1
values were exhibited by vowel /i/ in TDC. Whereas
in children with HI /i/ and /u/ exhibited lower F1
values than /ɑ/ and /æ/. In contrast, F2 was
noticeably high for vowel /i/ and /æ/ followed by /ɑ/
and /u/ in both the groups as depicted in Table 1 and
Figure 1. The standard deviation of F1 and F2
formants were relatively higher in group I than
group II except for F2 of vowel /æ/.
Table 1: F1and F2 of vowels across groups in Hertz (Hz)

Stimuli
F1
(Hz)

F2
(Hz)

/ɑ/
/i/
/u/
/æ/
/ɑ/
/i/
/u/
/æ/

HI (Group I)
Mean (SD)
1067(111)
575(113)
572(142)
728(136)
1707(197)
2075(537)
1478(343)
1987(368)

TDC (Group II)
Mean (SD)
1121(89)
402(53)
518(70)
579(56)
1557 (112)
2086(425)
1091(303)
2121(397)

Figure 1: F1and F2 of vowels across groups in Hertz (Hz)

These derived measures VFR [F (1, 38) = 8.74, p<
0.01], VAI4 [F (1, 38) = 16.22, p< 0.01], FCR3 [F
(1, 38) = 17.55, p< 0.01] and VSA [F (1, 38) =
47.79, p< 0.01] significantly differentiate the groups.
VSA was the most significant measure followed by
VAI4, FCR3, and VFR based on the power value of
the effect size (Table 2).
Table 2: Mean derived acoustic measures with effect size
and power.

Note: TDC=typically developing children, HI=children
with hearing Impairment, SD= standard deviation,
F1=first formant frequency, F2=second formant
frequency

The differences in formant frequencies between girls
and boys in both the groups were not statistically
significant (p> 0.05). Thus, data from girls and boys
in each group were combined for further analysis.
The results of the combined formant analysis
indicated significantly higher F1 in group I for
vowel /i/ [F (1, 38) = 42.9, p < 0.01] and /æ/ [F (1,
38) = 23.17, p< 0.01]. F2 was also high in group I
compared to group II for vowels /ɑ/ [F (1, 38) =
9.34, p<0.01] and /u/ [F (1, 38) = 14, p< 0.01].
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Participants

VFR

VAI4

FCR3

VSA
(kHz)

TDC
(SD)
HI
(SD)
Effect size
Power

2.02
(0.59)
1.47
(0.53)
0.96
0.99

1.67
(0.26)
1.34
(0.22)
1.31
0.99

1.13
(0.18)
1.43
(0.26)
11.13
0.99

-1638
(362)
-2430
(343)
2.24
1.00

Note: TDC=typically developing children, HI=children
with hearing Impairment, SD= standard deviation,
VFR=vocalic anatomical functional ratio, VAI4=four
vowel articulation index, FCR3=formant centralization
ratio, VSA=vowel space area.

4. DISCUSSION
The current study aimed at evaluating the formant
frequencies and derived measures (VSA, FCR3,
VAI4, and VFR) in children with HI and TDC. The
most relevant acoustic parameters for the perception
and production of vowels are the formant
frequencies F1 & F2 [14]. Hence, F1 and F2 of the
vowels /ɑ/, /i/, /u/ and /æ/ were measured. The
results indicated that F1 was high in vowel /a/ and
low in vowel /i/ (Table 1) whereas F2 values were in

contrast to F1. These variations in formant
frequencies can be attributed to the change in the
vocal tract resonances as a result of variation in
tongue movement. The F1 is inversely proportional
to the height of the tongue and F2 is directly
proportional to the tongue advancement. The higher
F2 of vowel /æ/ can be related to the height and
advancement of the tongue. Even though vowel /u/
is also a high back vowel, the F1 and F2 values were
relatively lower. This may be because of the
protrusion of lips which increases the length of the
vocal tract decreasing the resonance frequencies [4,
11]. Relative to group II, an increase in F1 was
observed for vowels /i/ and /æ/ in group I. The
change in formant frequencies is attributable to the
variations in tongue position [14,15]. Increased F1
in children with HI (group I) can be attributed to the
reduced tongue height during production.
F2 of vowel /ɑ/ was higher in group I compared to
group II. Increase in F2 of /ɑ/ can be due to the
effect of vowel neutralization. F2 of back vowels
have increased with the advancement in tongue
positioning [8, 17]. Children with HI often try to
neutralize peripheral vowels [17]. More intense F2
of the back vowels i.e., /ɑ/ was also reported by
Nicolaidis and Sfakiannaki [10]. Children with HI
exhibit relatively low hearing sensitivity for high
frequencies especially above 1 KHz. Hence, more
errors are reported for the high and front vowels than
low and back vowels [10].
The reduced range of F1 and F2 for both the high to
low and anterior to posterior vowel productions were
observed in group I (F1 ranged from 572Hz to
1067Hz; F2 ranged from 1478Hz to 2075Hz)
compared to group II (F1 ranged from 402Hz to
1121Hz; F2 ranged from 1091Hz to 2121Hz). This
indicates less differentiation in the production of the
vowels by children with HI compared to TDC.
Similar results were reported by Ozbic et al. [4]
indicating reduced range of F1 and F2 of vowels in
the speech of children with HI compared to the
TDC.
Another question addressed by this investigation
was whether there was a difference between the
group in derived acoustic measures of vowels.
Group 1 exhibited reduced VFR, VAI4, and VSA
than group II (table 2). Reduced VSA indicate less
space for the vowel productions leading to the
imprecise articulation of vowels in group I. VFR is
a measure of contrast between the high vowel /i/ and
/u/. VAI4 is a measure of vowel contrast (/a/,/i/, /u/,
/æ/). The reduced VFR and VAI4 values can be
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attributed to the effect of neutralization due to the
imprecise articulation during vowel production.
Increased FCR3 values indicate higher centralization
of vowels during production by children with HI
compared to TDC [12]. This pattern was also
observed in the present study. The consolidation of
vowels has often been noticed in the speech of
children with HI [17, 18]. Donegan [19] reported
that TDC established vowel contrasts as early as
three years of age [19].
The third objective of this investigation was to
determine the most significant acoustic measure.
Results based on power (Table 2) suggest that VSA
is the most significant among the measures derived.
The formant frequencies F1 and F2 of vowels that
are produced by children with HI tend to reduce
vowel space during speech production. This led to
an attenuated differentiation between the vowels and
overlap of formant frequencies of various vowels
during the production [17, 18]. Collectively, this
investigation suggests that, there is a reduced
differentiation in the production of vowels in
children with HI. This can be attributed to the
limited auditory perception and reduced visibility of
articulator gestures during vowel production [20].
Various studies on pre [21, 22] and post [23] lingual
children with HI reported reduced VSA in their
speech.
The present study is based on pilot-data collected
during the initial phase of the project titled
“Development of a diagnostic system for articulation
disorders”. The study will be extended further and
will include more number of children with HI in
later phase.
5. CONCLUSIONS
The current study revealed that derived measures
from the F1 and F2 of the vowels /ɑ/, /i/, /u/, and /æ/
are significantly different in children with HI. Each
of these derived measures indicates the presence of a
reduced vowel space in children with HI compared
to TDC. These acoustic measures are significant to
quantify the deviation in disordered speech and
hence may aid in providing feedback on the
precision of vowel articulation during speech
therapy.
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ABSTRACT
Parkinson's disease (PD) is a neurological disorder
that is characterized by a decay in global motor
performance, manifest in tremor, abnormal gait, and
dysarthria. PD dysarthria characteristics include
monoloudness, pathological voice quality, and
imprecise articulation. Standard treatment for
relieving PD symptoms is the drug levodopa, but it is
currently unknown how it affects speech. We
investigated the effect of levodopa on the vowel space
of 4 Dutch and 6 Slovenian PD participants. They
recorded their speech on twenty occasions distributed
over four days across 2-4 weeks. First and second
formants of corner vowels [i-a-u] produced in isolated
words were measured at acoustic midpoints of 4043
tokens. VAI [14], a metric of vowel space dispersion,
was calculated for each speaker. VAI was not
significantly affected by levodopa in either language,
which may indicate that the motor control underlying
vowel articulation is not as sensitive to levodopa as
other motor symptoms.
Keywords: Parkinson’s disease, vowel production,
levodopa, dysarthria, vowel acoustics
1. INTRODUCTION
Parkinson's disease (PD) is a neurodegenerative
disorder estimated to affect more than 10 million
people worldwide, predominantly the elderly [10].
With the world-wide ageing of the population, the
number of people diagnosed with Parkinson's disease
will continue to increase. About three quarters of all
PD patients experience not only motor symptoms
such as bradykinesia, tremor, postural instability and
freezing, but also speech difficulties in the form of
hypokinetic dysarthria, which may occur at various
stages of the disease. For these patients, voice quality
is often affected first, followed by articulatory
difficulties [5]. Their speech is characterized by
monopitch, monoloudness, breathy voice and
imprecise articulation [25].
At present, the gold standard for alleviating the
symptoms of Parkinson's disease is the drug
levodopa, a natural substance that supplies dopamine
to the brain. After the intake of levodopa, patients
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experience less tremor and improved motor
coordination (the ON state). However, the response
of the body to levodopa fluctuates over the course of
the drug’s lifecycle with the beneficial effect peaking
at around 1 hour after drug administration [3].
Although the effect of levodopa on general limb
movement has been well-documented [11, 24], it is
currently unclear if and how levodopa affects speech
production.
The research to date on the effect of levodopa on
articulation has produced varied and even
contradictory findings. Some studies have found a
small effect on consonant production and no effect on
vowel production [15], whereas other studies have
found the reverse effect [19] or no effect at all [23].
These differences can partly be explained by
methodological factors such as the inclusion of
different speech tasks, acoustic analyses, stage of
disease [19, 15] and the timing of recording.
Dysarthric patients have been shown to produce an
acoustically-reduced vowel space area (VSA) [17, 4].
Unlike healthy speakers, this reduced vowel space
area seems to depend less on speech rate [22].
Another acoustic index used to assess dysarthric
speech is the Vowel Articulation Index (VAI),
designed to reduce inter-speaker variability through
normalization [14]. Because it has been argued that
VAI is more sensitive to hypokinetic dysarthria than
the VSA [18], the present study reports only VAI,
although analyses of the same speech data with VSA
showed a similar pattern.
In the present study, the speech of PD patients was
measured at various time points throughout the day
across four different days. The four days spanned a
period of two to four weeks, and the recordings
captured a wide array of speech tasks. The study was
performed on two languages: Dutch and Slovenian,
using comparable tasks and the same experiment
design. Cross-linguistic research is especially
important when dealing with pathological
populations, as it allows us to identify whether the
speech production difficulties are induced by the
disease or by linguistic constraints [12]. Dutch
(Germanic) and Slovenian (Slavic) are especially
suitable for investigating vowel space areas as the
number of vowels differs, with Slovenian having
fewer vowels than Dutch.

In sum, the goal of this study is to shed more light
on the effect of dopaminergic therapy on speech
production in PD by:
 measuring a Vowel Articulation Index at
several time points across a drug cycle;
 including two populations with different
native languages;
 and making use of automatic tools to
characterize dysarthric speech.
 Our hypothesis is that the VAI will be lower
during the OFF state than during the ON
state.
2. METHOD
2.1 Participants

In total, 10 participants (2 female) diagnosed with
idiopathic Parkinson’s disease were included.
Participants were native speakers of either Standard
Dutch (n=4) recruited from the Netherlands, or
Slovenian (n=6), recruited from Ljubljana and
surroundings. No participant had a history of
neurological disorder or depression, and they were all
treated with levodopa in the form of a pill. None of
the participants had undergone Deep Brain
Stimulation. Age of participants ranged from 57 to 71
for Slovenian speakers (mean = 61.0) and 61 to 83
(mean = 69.3) for Dutch speakers. The duration of
disease ranged from 2 to 12 years (mean = 6.8 years)
for Slovenian speakers and 5 to 9 (mean = 6.5) for
Dutch speakers.
2.2 Procedure

After the experimenter delivered the equipment
and provided the instructions for use, the participants
recorded themselves on four different days spread
over a period of 2 (Slovenian) or 4 (Dutch) weeks.
Each recording day consisted of 5 recording sessions.
These sessions were scheduled in such a way that they
included the OFF state (15 minutes prior to levodopa
intake in the morning) and four ON states (60 and 120
minutes after the morning levodopa intake, and 60
and 120 minutes after the late afternoon or evening
levodopa intake). Specific times were adapted to each
participant’s intake schedule. During every session,
the participants performed four tasks: they read
sentences containing target words out loud; they
played two games designed to elicit semispontaneous speech with their partner; and they
performed an oral diadochokinesia task. Here, we
present an analysis of vowels produced in target
words in the sentence reading task.
Whereas previous studies have only included
measures made around the same time of day, or at
most one measure made during the OFF state and one
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during the ON state, patients in the present study
made recordings at five different time points
distributed over four days. By doing so, we were able
for the first time to investigate speech variation
throughout a day. In order to achieve the most
naturalistic setting possible, speech recordings were
made at patients' homes without the presence of an
experimenter. Since it is known that anxiety can
worsen PD symptoms [7] this approach was least
likely to influence the speech of the patient.
2.3 Experimental materials

The phonologies of the two languages in this study
differ in some important ways which informed
experiment design. Dutch (Germanic) uses 13
monophthongs and three phonemic diphthongs in a
vocalic inventory which includes length distinctions
[2]. Slovenian (Slavic) uses eight vowels and no
phonemic diphthongs, and does not differentiate
between long and short vowels [21]. It only has one
open low vowel (/a/), where Dutch has two (/a:/ and
/ɑ/). Both languages use lexical stress, which is
realized as pitch accent in Slovenian.
Participants produced utterances with target words
containing stressed corner vowels /a/, /u/ and /i/ in
C1_C2 contexts. Liquids and sibilant fricatives were
avoided at C1 positions, where possible, to minimize
coarticulatory influences on the vowel. C2 was always
a plosive consonant, and two words were used for
every possible VC2 combination. Dutch vowels were
elicited in 30 disyllabic words, where stress always
falls on the first syllable and the second syllable
contains a schwa (e.g. bieten /ˈbi.tən/ ‘beetroot’;
vaten /ˈfa:.tən/ ‘barrels’; voeten /ˈfu.tən/ ‘feet’).
Slovenian vowels were elicited in 36 words of
variable syllable length (1 to 4), so that the target
syllable always carried primary stress (e.g. pita
/ˈpi.ta/ ‘pie’; solata /so.ˈla.ta/ ‘salad’; tuba /ˈtu.ba/
‘tuba (instrument)’).
Target words were elicited in carrier phrases of the
form “He has said __ again”. The order of the phrases
was randomized for each session. In total, 70 to 80
repetitions of every target word were elicited from the
Dutch participants, and between 50 and 60 repetitions
from the Slovenian participants. In every session,
approximately 10 tokens containing each target
vowel were recorded for each Dutch participant and
6 instances for each Slovenian participant.
2.4 Recordings

All recordings were made by the participants
themselves in their homes, without experimenters
present. Shure WH20 headset microphones were
used, connected to an iRig Pro Duo audio interface
which digitized and transferred the speech recordings

to a Motorola Moto C Plus smartphone. Recordings
were automatically uploaded to a cloud server,
allowing the experimenter to monitor remotely and
provide assistance if needed. Permission to do so was
obtained from the participants beforehand in order to
comply with the new European GDPR regulations.
Ethical approval for both studies was obtained via the
Faculty of Arts Research Ethics Review Committee
of the University of Groningen.
3. ANALYSIS
3.1 Software

For all Dutch recordings, word boundaries were
identified in ELAN [20] and acoustic segmentation
was conducted automatically using forced alignment
with WebMAUS [6]. For all Slovenian recordings,
word and sound segmentation of target words was
done manually in PRAAT [1], as there is no trained
acoustic model available for this language. Signal
analysis was performed in MATLAB [8], and the
statistical analysis was conducted in R [13] using
mixed-effects regression modelling including the
appropriate random intercepts and slopes (assessed
via model comparison, using the ANOVA function in
R).
3.2 Pre-processing and data selection

In total 1321 tokens of /i/, 1330 of /u/ and 1392 of
/a/ were analysed, amounting to approximately 130
exemplars of each vowel per participant. Formant
frequencies were automatically tracked over each
vocalic interval, estimated from 9 LPC coefficients
using a 10ms analysis window and a 2ms windowshift, with configurable cut-off frequencies and lower
and upper bounds for F3-F4 cut-off [9].
Figure 1: Examples of individual vowel space areas
for one Dutch female (top left), one Dutch male (top
right), one Slovenian female (bottom left) and one
Slovenian male (bottom right).

After evaluation of several configurations, we
found that for Dutch, the combination of a lower
bound of 2400 Hz, an upper bound of 3900 Hz and 5
cut-off frequencies produced best results. For
Slovenian, a lower bound of 3000 Hz, upper bound of
4500 Hz and 8 cut-off frequencies was found to be
optimal. First and second formant values were
extracted from the temporal midpoint of each vowel
token. Acoustic distributions of the entire vowel
space for male and female speakers of each language
are illustrated in Figure 1.
Since we used automatic formant tracking, we
reduced outliers per speaker by excluding formant
values exceeding 150% of the interquartile range
below the first quartile or above the third quartile
were removed from the dataset. In total, 142 values
were excluded from the Dutch data. No values were
excluded from the Slovenian data.
3.3 Difficulties characterizing dysarthric speech

For one Dutch participant, 60 outliers had to be
removed from the data (see Figure 1, top right, for his
VSA after outliers have been removed). Further
examination revealed that these outliers mainly
occurred during intervals of devoiced speech.
Because of the absence of a modal fundamental
frequency, the formant tracker had difficulty reliably
tracking formants in these segments, and often
misidentified F2 as F1 (see Figure 2). Criteria for
exclusion of outliers were refined (Sec 3.2) to cope
with vowel tokens with erroneous formant values
arising from this issue, so that after data cleaning, data
from all speakers could be processed in the same way.
Figure 2: Automatic formant tracking in voiced and
devoiced speech. Left: robust formant tracking in an
utterance with a strong modally voiced component.
Right: mistracking of F1 and F2 in devoiced
dysarthric speech.

3.4 Quantifying Vowel Production

The Vowel Articulation Index (VAI) was
calculated for each participant per session using
Formula (1) [14]. F2i represents the second formant
frequency of [i]; F1a: the first formant frequency of
/a/, etc. A larger value of VAI corresponds to
configurations in which corner vowels are more
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dispersed in the F1-F2 plane, so that greater
articulatory differences between a speaker’s [i-a-u]
vowels should be reflected in a larger VAI [14].
𝑉𝐴𝐼 =

(1)

𝐹2𝑖+𝐹1𝑎
𝐹2𝑢+𝐹2𝑎+𝐹1𝑖+𝐹1𝑢

4. RESULTS
4.1 VAI

VAI scores were calculated from mean F1 and
F2 values for each vowel, per speaker, day, and
session. The best linear mixed-effect regression
model included state (included due to our
hypothesis; ON or OFF; non-significant, β =
0.004; F(1,188) = 0.35, p = 0.56; see Figure 3) and
sex (β = 0.19; F(1,8) = 9.73, p = 0.014) as fixed
factors with random intercepts for each
participant. Models including interactions
between state and language or language separately
did not significantly improve fit, nor did models
that included session number (1, 2, 3, 4 or 5) as a
predictor instead of state.

4.2 Individual variability

These data suggest that there was no effect of State
on VAI; however, this might be due in part to the
small sample size. Considerable individual variation
can be observed in the relationship between VAI and
state, when compared across three (out of five) time
points of two (out of four) different days (Figure 4).
5. DISCUSSION
The purpose of this study was to investigate the
effect of levodopa on vowel acoustics in PD. Vowel
articulation was assessed by computing VAI scores
for each individual at 20 time points. Although
previous studies have found evidence for a beneficial
effect of levodopa on phonation [26, 16], which we
took as our hypothesis, we did not find a measurable
effect on vowel articulation using this metric. We did,
however, find different patterns in individual
responses. It is possible that the articulation required
for vowel production can be considered as one of the
axial motor symptoms, which are less responsive to
dopaminergic treatment (as suggested in previous
work [18]).
The inclusion of two languages in our study
provides further insight. As Dutch and Slovenian
have different phonotactic constraints and sound
inventories, the ability to draw the same conclusion
for both strengthens it. Furthermore, most previous
work on dysarthria in PD included only English as the
subject of study, which makes generalization across
languages problematic. The more cross-linguistic
studies are carried out, the more can be discovered
about hypokinetic dysarthria and articulation in PD,
independent of language.
In conclusion, we believe that the absence of a
clear effect of levodopa state may be due to the fact
that the articulation involved in vowel production is
less responsive to dopamine. Other acoustic indices,
such as voice quality, might be more responsive.
Furthermore, additional research should also include
patients in earlier stages of the disease as that is when
speech might be more responsive to Levodopa.

Figure 3: VAI measures for ON-OFF states in
Dutch and Slovenian participants.

Figure 4: Individual variation in VAI measures for
the OFF and two ON sessions. Top: Day 1; Bottom:
Day 2. NL3 and SLO1 are female speakers, the
other speakers are male.
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ABSTRACT
Ultrasound images of the tongue surface have been
increasingly used for immediate visual feedback
while a speaker is working to change pronunciation.
However, the tongue surface contour is complex and
changes rapidly, meaning that speakers find it
difficult to compare undesired vs. desired tongue
shapes under realistic speaking conditions. For
biofeedback in speech therapy, it is important to
identify deviation from the desired tongue trajectory
in real time. We present results from a preliminary
study
characterizing
differences
between
misarticulated and normally articulated (“accurate”)
American English /ɑɹ/ using an efficient, automatic
tongue surface tracking method that separately
characterizes motion of the blade, dorsum and root.
Results from principal component analysis of
trajectory data from child speakers show that
misarticulated trajectories are distinctly different
from accurate trajectories. A statistical model for
classifying accurate vs. misarticulated productions is
discussed.
Keywords: Ultrasound, Articulation, Feedback,
Speech Disorder, Automatic Tracking.
1. INTRODUCTION
Cross-linguistically, rhotic speech sounds are more
difficult for children to acquire and more likely than
many other sounds to be a feature of speech sound
disorders [1]. In the U.S., 1-2% of children reach
college age without acquiring the ability to produce
/ɹ/ [2]. In addition, many non-native speakers struggle
to acquire a native-like pattern of /ɹ/ production. This
difficulty is particularly problematic for speakers (or
prospective speakers) of American English (AM),
because an inability to produce /ɹ/ is perceived as a
marker of immaturity [3]. Misarticulated /ɹ/ is
generally transcribed as a [w] in syllable onset
positions but as a schwa or back vowel [ɑ], [ʊ], or [ʚ]
in nucleus or postvocalic rime positions. (Slashes
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around phonetic symbols indicate the phoneme
attempted. Brackets indicate the actual production.)
For children and adults working to acquire a
normally articulated production of /ɹ/, ultrasound
images of the tongue surface are increasingly being
used as immediate visual feedback. However, the
tongue surface shape for /ɹ/ is a complex curve that
changes in real time during speech, and speakers find
it challenging to understand how to coordinate tongue
movements over time. Further, there are alternative
potential tongue shapes used by typical speakers,
categorized as bunched vs. retroflex variants [4,5].
Rapid detection of differences between desired and
undesired movements in real time would improve the
immediacy and efficiency of visual feedback and
potentially make it easier for speakers to learn new
productions.
As a first step toward this end, we describe a fast,
automatic method of tracking the tongue surface in
real time based on ultrasound imaging. All variants of
/ɹ/ involve independent motion along different
vectors by regions of the tongue corresponding to the
blade, dorsum, and root [4,5,6], so our system tracks
each separately. The focus of our approach on tongue
regions rather than whole contours, and on the
classification of trajectories into “accurate” vs.
“misarticulated” categories, is somewhat different
than seen in alternative approaches to tongue contour
tracking [6,7,8]. Our ultimate aim is transformation
of tongue motion into gradient real-time feedback
under realistic speaking conditions. Because
misarticulations can be perceived as /ɑ/, we have
focused our preliminary work on /ɑɹ/ productions by
children with and without a residual speech sound
disorder (RSSD) diagnosis. An important test of our
system is whether our data can appropriately
distinguish between accurate and misarticulated
attempts at /ɹ/ using only time-dependent tongue part
displacements.
2. METHODOLOGY
Study participants were 35 speakers of a rhotic
American English dialect, aged 8 to 17. Of these, 12

showed consistently accurate production of /ɹ/, while
23 had been diagnosed with RSSD involving
consistent inaccurate production. (RSSD children had
a history of therapy and some were capable of
accurate production on occasion.) Midsagittal tongue
images were captured with a Siemens Acuson X300
Premium Edition Diagnostic Ultrasound System with
a C6-2 curved linear array transducer (8 cm depth, 4.0
MHz frequency) at 36 frames per second (fps).
Images were recorded as digital video at 60 fps with
1024768 resolution along with audio sampled at 48
kHz; audio and image data were extracted from these
video files. Children recorded 15-20 productions of
/ɑɹ/ while seated using a custom-built headstabilizing device. Productions were rated for
accuracy by trained listeners on a 10-point continuous
scale with 0 considered most “misarticulated” and 10
most “accurate.” Three of the children were also
recorded producing sustained /ɑ/ and /ɹ/ in a Philips
Magnetic Resonance Imaging (MRI) scanner.
For processing purposes, each production of /ɑɹ/
was defined as extending from the acoustic midpoint
of /ɑ/ to the end of /ɹ/, defined manually using Praat
software. The image frames spanning these two time
points were automatically selected via a graphical
user interface in MATLAB. Each image frame was
cropped to isolate the ultrasound image and a userdefined region of interest (ROI) was drawn around
the tongue. A smoothing filter was applied within this
region and an initial point on the tongue surface was
found by locating the point of maximum brightness
within the ROI. The tongue surface was then mapped
by first estimating surface points via second-order
Taylor series approximations along the anterior and
posterior directions, then searching for local
brightness maxima within vertical windows centered
on each estimated point. This process was repeated in
both directions until the maxima fell below a userdefined threshold.
Three reference points each for the blade, dorsum,
and root regions of the tongue surface were identified
automatically, with each region defined as one-third
of the visible horizontal span of the tongue. Timedependent displacements for each region, defined as
the average displacement of the three reference points
relative to their positions at the acoustic midpoint of
/ɑ/, were computed for the entire production, with
positive displacements corresponding to local
narrowing of the vocal tract. Displacements were
normalized via dividing by the distance between the
central reference points from the blade and root
regions. For analysis, all productions were linearly
interpolated to a duration of 39 frames. Note also that
60-fps acquisition of the 36-fps scanner output is
equivalent to nearest-neighbor interpolation of the
video data in time. Effects of temporal interpolation
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Figure 1: Midsagittal ultrasound image of the
tongue at /ɹ/ midpoint for an accurate production,
with surface identified by our automatic image
processing program.

on trajectory data were slight relative to the overall
uncertainty of our tracking method. An example
ultrasound image with reference points for each
region is shown in Figure 1. Productions with
obviously incorrect tracking were excluded (4% of
analyzed productions).
To characterize differences between movement
for accurate vs. misarticulated productions,
trajectories of the root, dorsum, and blade regions
were analyzed by building “prototypical” trajectories
using principal component analysis (PCA).
PCA is a dimension-reduction technique that
identifies covariation among a set of input variables
(time-dependent trajectories of tongue region
displacements, in this case) and maps the original
input variables into a new space whose orthogonal
dimensions (i.e., principal components) represent the
primary directions of variation in the data.
Covariation among the input data typically means that
the majority of the variance in the original data set can
be captured by fewer principal components than the
number of original input variables. The space defined
by the principal components additionally represents a
Principal Component Model (PCM)—that is, a
“prototypical” pattern of variation in the data. In this
case, our PCMs are a model set of tongue region
trajectories identified over a collection of productions
from multiple participants. For creation of these
models, only principal components explaining greater
than 5% of the variance were retained.
These PCMs can then be used to determine
whether any individual production is consistent or
inconsistent with a prototypical production. We used
85 productions by children with RSSD with low
average perceptual ratings (less than 7) and 52
productions by TD children to create respective
“misarticulated” and “accurate” PCMs. We then fit a
new set of 232 misarticulated and 104 accurate
productions (not used in PCM creation) to each model
to determine how well the identified prototypes

captured either misarticulated or accurate
productions. Although the RSSD children used to
create the PCMs all had low perceptual ratings, there
were 60 misarticulated productions in the test set
from several RSSD children with relatively high
perceptual ratings, defined as an average rating of 7
or greater. These are distinguished in Figure 5.
3. RESULTS
Representative trajectories for accurate and
misarticulated /ɑɹ/ are shown in Figure 2. It should be
noted that typical speakers are known to employ
different but perceptually equivalent articulatory
variants for /ɹ/ [6,7]. These variants form a continuum
but are often loosely categorized into tip-up
“retroflex” and dorsum-up “bunched” shapes.
Accurate productions generally showed significant
displacements of all three tongue regions, regardless
of the variant used.
In contrast, RSSD children’s misarticulated
productions show little total movement from /ɑ/ to /ɹ/,
with blade and dorsum regions in particular showing
a reduced degree of movement. This pattern fits with
previous observations about RSSD articulation of /ɹ/
regardless of phonetic context.
To further elucidate the differences between
accurate” and “misarticulated” trajectories, we turned
to data from those children who recorded speech with
both midsagittal ultrasound for dynamic productions
of /ɑɹ/ plus midsagittal magnetic resonance images
for sustained /ɑ/ and /ɹ/. Comparisons between the
tongue shapes for the two sustained sounds are not
necessarily exact representations of the beginning and
end points of the dynamic productions seen on
ultrasound, but they provide a rough estimate of vocal
tract shape at the start and end of the dynamic
production. Figure 3 shows examples from one
typically-speaking child who used a retroflex tongue
configuration for sustained /ɹ/, and one child from the
RSSD group who produced misarticulated versions of
/ɹ/ sounding like a somewhat rounded [ə].
Figure 2: Trajectories from acoustic midpoint of /ɑ/
to end of /ɹ/ for an “accurate” production of /ɑɹ/ on the
left and a “misarticulated” production of /ɑɹ/ on the
right. The time axis indicates the frame number after
interpolation of all productions to the same duration.
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Figure 3 also shows an example from an RSSD
child who learned to produce an “accurate” /ɹ/ under
sustained conditions in the MR session, but was
unable to do so under previously recorded dynamic
ultrasound conditions. This child’s MR images are
included in Figure 3 to illustrate a bunched
configuration for “accurate” /ɹ/. His ultrasound
images were rated as “misarticulated” and treated as
such in analyses. The similarity of the /ɹ/ production
to /ɑ/ for the RSSD misarticulated production in
Figure 3 is consistent with the observation of
relatively smaller tongue displacements for children
with RSSD, as also seen in Figures 2 and 4.
Figure 4 shows tongue trajectories from the TD
and RSSD groups (solid lines; TD top row, RSSD
bottom row) together with predicted trajectories
based on the PCM fit for each group (dotted lines; TD
PCM left column, RSSD PCM right column). These
data illustrate that trajectories of the TD group can be
accurately mapped by the model made from a smaller
set of TD data, and that RSSD trajectories can be
accurately mapped by the model from a smaller set of
RSSD data. The difference between the predicted and
actual trajectories is much greater when the
Figure 3: Midsagittal MR images from sustained
production of /ɑ/ (left) and /ɹ / (right). The top 2 images
are from an RSSD child whose /ɹ/ sounded like /ə/. The
middle 2 images are from an RSSD child who
produced an accurate (bunched) /ɹ/ after weeks of
instruction with ultrasound feedback. The bottom 2
images are from a typically speaking child with
accurate (retroflex) /ɹ/.

production is fit to the PCM of the opposite group
(TD production fit to the RSSD PCM, and vice versa).
In particular, the RSSD PCM is unable to capture the
rapid changes in blade and dorsum displacement
typical of TD productions. This discrepancy is
indicated by the sharp curves of the TD trajectory
shown in Figure 4: the prediction by the RSSD PCM
has slopes less steep than both the observed trajectory
and the trajectory predicted by the TD PCM. In
addition, due to the trend of lower overall
displacements for RSSD productions, the magnitude
of the difference between predicted and observed
trajectories is smaller for RSSD than TD productions.
These trends are also apparent in the residuals,
defined as the mean Euclidean distance between the
observed and predicted trajectories. Figure 5 shows
that the residuals from fitting individual productions
to the PCMs exhibit group-associated clustering. The
majority of RSSD productions showed small
residuals when fit to the TD PCM and even smaller
residuals when fit to RSSD PCM, while the residuals
for TD productions are much greater when fit to the
RSSD PCM. Note that many of the RSSD
productions that overlap the TD cluster are from
speakers with high average perceptual ratings,
indicating a range of similarity to TD accurate
productions. A decision-tree classification model fit
to 70% of the data shown in Figure 5 and tested on
the remaining 30% has a misclassification rate of
13% (12% for productions from the RSSD group and
16% for the TD group). When productions from
RSSD speakers with high perceptual ratings are
removed, this drops to a misclassification rate of
7.3% (5.2% for productions from the RSSD group
and 12.5% for the TD group).
The PCA results are also consistent with the
observation that the trajectories of TD speakers
feature distinct patterns of motion associated with the
different articulatory /ɹ/ variants in Figure 3. On the
other hand, the trajectories of RSSD misarticulations
are more varied, both within and across speakers, and
do not feature general patterns other than the trend of
lower displacements. Figure 5 suggests that PCM
residuals emphasize the difference between TD and
RSSD speakers despite these variations.
4. CONCLUSION
Rapid movements of the tongue can be difficult for
users of ultrasound biofeedback to identify and
interpret. The results of this study suggest that
characteristic movement trajectories of regions of the
tongue extracted from ultrasound are significantly
different for misarticulated and accurate productions
of /ɹ/ in the context of a closely related sound /ɑ/, and
that data of this nature can be collected and analyzed
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quickly enough to provide definitive feedback. In
particular, the movement of the tongue blade appears
to be a differentiating factor between accurate and
misarticulated productions of /ɑɹ/. We conclude that
real-time identification of misarticulated vs. accurate
production is viable and holds promise for improving
the efficacy of ultrasound feedback in speech therapy.
Future steps toward this goal include determination of
the most predictive combinations of tongue region
movements and extension of this tracking approach to
a wider range of phonetic contexts.
Figure 4: Selected trajectories for the TD group (top)
and RSSD group (bottom). The dotted lines show
trajectories predicted from PCMs fitted to the TD
group (left) and RSSD group (right), while solid lines
are observed trajectories. The vertical scale of the
bottom row (RSSD productions) has been expanded
to show detail. Displacements shown are normalized.

Figure 5: Residuals from the PCM models. Each
point represents the mean Euclidean distance
between observed and predicted trajectories for a
single production.
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ABSTRACT
We investigate the effects of L1 Telugu on tense-lax
contrasts in Indian English vowels. While English has
a tense-lax contrast in high vowels, / iː, ɪ, uː, ʊ/, with
duration as an additional cue, Telugu has only a shortlong contrast, /i, iː, u, uː/, though these also have the
lax allophones /ɪ, ɪː, ʊ, ʊː/ as a result of vowel
harmony (VH), triggered by a following low vowel.
We examine whether L1 transfer effects are limited
to the ‘base’ phonological inventory (e.g. ‘borrowing’
the Telugu length contrast for English), or whether
speakers access the spectrally closer VH allophones
from Telugu. The results reveal something more
complex, with some speakers showing tense-lax
allophones also for Telugu length contrasts. In L1-L2
transfer, these speakers exapt these phonetically laxer
short allophones for the English lax vowels. The other
speakers, showing less tense-lax variation all round in
L1, create entirely new phonetic categories for the
English lax vowels.
Keywords: high vowels, Telugu, Indian English, L1L2 transfer.

25,26,27,30]. However, L1 substrate features may
themselves be independently convergent (i.e.
identifiable as ‘areal features’ [17,19]), and
secondly, unified target features may emerge in
standardisation [27].
In terms of variation in IndE vowels, studies have
revealed evidence both for L1-specific influence and
for convergence on a more uniform model of IndE.
[30] found a tense lax distinction for front vowels in
Gujurati IndE and Tamil IndE, but not for back
vowels, which they argue may be a more general
feature of IndE. [29] reports L1 transfer from TibetoBurman languages, with the tense-lax contrast being
mostly marked by duration. [21] find that the
realization of the tense/lax contrast in Hindi and
Punjabi IndE can be based on quality and durational
differences in some instances, or on durational
differences alone, and report a difference in both front
and back, for both varieties. On IndE with L1 Telugu,
[27] report small but systematic effects of L1 Telugu
for FLEECE, START and GOOSE vowels.
1.2 L1-L2 Transfer effects
It is well-documented how early experience in a first
language can influence acquisition of L2 [see 1,8,14].
Phonological contrasts that do not exist in L1 are
harder to perceive and produce [7,12,23], suggesting
L1 categories interfere with category formation in L2
[15].
The nature and extent of such effects will depend
on the nature of the L1 and L2 ‘systems’ that, as
[8,9,10] argues, co-exist and interact in the same
phonological space for the multilingual speaker. L2
categories are likely to be mapped onto existing
similar categories in L1, while those with no near
equivalent may be easier to acquire because they are
not in competition for that region of the vowel space
[14]. The relationship between categories is also
important [2]. With a pair of contrasting sounds in L2,
where both map onto an existing L1 category, but one
is a closer fit, a new category may be formed for the
ill-fitting L2 phoneme. If both have a similar fit,
learning of the L2 contrast may be more difficult.
Two aspects of L1-L2 transfer, that have not, to
our knowledge, been explicitly considered, are i)
partial mapping of phonetic features, and ii)
mappings that involve differences of category status.

1. INTRODUCTION
We investigate the extent and mechanisms by which
the L1 Telugu vowel system influences that of the
Indian English (IndE) spoken by Telugu speakers.
‘IndE’ is commonly applied to the variety(/ies) of
English used by speakers in India (and also by the
Indian diaspora around the world). The vast majority
of IndE speakers in India are native speakers of one
or more indigenous Indian languages, most of whom
are exposed to English from school age (3-4+ years).
IndE has been called a ‘transplanted’ variety [16]
since learners acquire and indeed, depending on
various sociological and educational factors, master
a self-replicating, nativised variety as a second
language, rather than more or less incompletely
acquiring a foreign language.
IndE is itself the product of a complex contact
situation, due to the vast linguistic diversity and
complex multilingualism to be found in India. The
influence of L1s for some features at least is strong
[3,4,28], potentially leading to the identification of
different
varieties
of IndE [11,20,22,24,
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With respect to the first: while Telugu has no
phonological contrast between tense and lax vowels
(cf. English /iː/ vs /ɪ/ and /uː/ vs /ʊ/), it does contrast
length (/i/ vs /iː/ and /u/ vs /uː/). Thus, the question
arises as to whether English lax vowels (which are
also short) map onto the short Telugu vowel (i.e. a
partial fit), while the tense vowels (which are also
long) map onto the long vowel (a closer fit).
With respect to the second aspect: while there is
no tense/lax contrast in Telugu, tense and lax
allophones of single vowel categories do exist, as a
result of VH. Thus, for the phonological categories /i/
and /u/ in Telugu, there exist both high and low
allophones, respectively [i]-[ɪ] and [u]-[ʊ], and these
may map onto English tense and lax vowels. If so,
that would suggest that, in L1-L2 transfer, phonetic
categories take precedence over phonological.
2. METHOD
2.1 Participants
Five (3F; 2M) speakers of IndE, with L1 Telugu,
were recorded at the University of Hyderabad, India.
All speakers were enrolled in a university degree,
had started learning English at 4-5 years, identified
as multilingual, and were aged 25 to 30.

vowels, however for this paper only the 0.5 (i.e.
midpoint) data for F1 and F2 have been used.
A series of repeated measures ANOVA tests were
performed in R on two data sets (IndE and Telugu) to
determine whether tense and lax vowels differed
significantly for F1, F2 and duration, and whether
there was any interaction between tense-lax and
length. Subsequently, a series of ANOVA tests were
run for each speaker, followed by post-hoc Tukey
comparisons. The F1/F2 ellipse plots of the target
position of vowels represent 95% data points for each
vowel category.
3. RESULTS
3.1 Cross-speaker overview
In Telugu, across speakers, long vowels are higher
than short vowels, regardless of VH (Fig. 1) (length
is a main effect for F1, p<0.001; but not for F2).
Tense allophones are higher (p<0.001) and less
central (p<0.01) than lax. However, for F2 there is a
sig. interaction between length and tenseness: tense
allophones are only less central when long (p<0.01).
In other words, spectral differences result both from
VH and phonological length.
Figure 1: Telugu high vowels, all speakers.
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The speakers were recorded reading 4 repetitions of
word lists in Telugu and English. For English, the
words contained all Southern British English (SBE)
monophthongs and diphthongs. The vowels
investigated here were: /iː ɪ ʊ uː/, and were in the
following words: (beat, bead, people, keep); (bit,
bid); (good, could); (food). For Telugu, the words
contained all long and short vowels, with both high
and low allophones of each. The vowels investigated
were: /i, iː, u, uː /, and the full set of allophones were
[i, iː, ɪ, ɪː, ʊ, ʊː, u, uː]. These were in the first syllable
of the following words: [pilːi; pɪlːɐ; ɡiːɾu; ɡɪːɾɐ; piːkɐ;
puʈːu; pʊʈːɐ; kuːɾu; kʊːɾɐ; kuːpi] (n.b. there is no
lexical stress in Telugu [5]).
The speakers were recorded in a quiet room using
a Zoom H4nSP audio recorder with an external lapel
microphone. The recordings were made at a sampling
rate of 44.1 kHz. For the English sub-set, audio
recordings were automatically segmented using
WebMAUS [17] followed by manual correction in
Praat [5]. For Telugu, recordings were manually
aligned and transcribed phonetically directly in Praat.
Formant and duration measures were taken using the
emuR package [31], again with minimal hand
correction for formant data. Formant values (F1, F2,
F3) were extracted at 0.2, 0.5 and 0.8 of the relevant
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Figure 2: English high vowels, all speakers.
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What is striking about the IndE vowels (Fig. 2) is
the degree of variability compared with their Telugu
equivalents, especially for front vowels. FLEECE
occupies the combined spectral space of tense and lax
allophones of Telugu long high front vowels,

suggesting the full allophone set of the long vowel,
and not just the tense ones, maps onto FLEECE.
Phonetically, being the longest and tensest vowels in
Telugu, they are the nearest match for FLEECE
(though would appear to be somewhat lower and
considerably fronter than the latter in modern RP
[13], though that study investigated only make
speakers).
KIT occupies an even larger space, going beyond
the combined space of short high front vowels in
Telugu (and apparently lower and fronter than
modern RP [13]).
GOOSE and FOOT map more neatly onto Telugu
long and short high back vowels respectively,
although GOOSE reaches both further forward and
back (but not as far forward as modern RP [13]).
3.2 Speaker-specific strategies

3.2.1

Figure 5: T5’s high vowels in Telugu.
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Individual speakers show different strategies with
respect to L1 transfer effects. We identify two main
types: those who use L1 categories, but in a new way
(category adapters), and those who create new
categories for IndE vowels (category creators).

significant spectral distinction between tense-lax in
Telugu, except for T1’s front short lax vowel which
is lower than his short tense vowel (p<0.01).
However, T1’s long vowels are higher (p<0.001)
and less central (p<0.01) than his short vowels, for
both front and back, while T5’s long vowels are
higher (p<0.001) and less central (p<0.001) than her
short vowels, for front only. These distinctions are
small in absolute terms, just as they are between the
English tense vs lax vowels onto which they are
mapped. For front vowels, KIT is lower (T1: p<0.001;
T5: p<0.05) and more central (T1: p<0.01; T5:
p<0.001) than FLEECE, whereas FOOT is more
central (p<0.001) than GOOSE for T1. T5 makes no
contrast at all between FOOT and GOOSE. What is a
subtle, secondary cue to a length contrast in Telugu,
is borrowed as a phonetically subtle distinction in
their English tense-lax contrast.

Category adapters
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Figure 3: T1’s high vowels in Telugu.
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Figure 6: T5’s high vowels in English.
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Figure 4: T1’s high vowels in English.
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Three participants, T1, T4 and T5, map their English
tense vowels, FLEECE and GOOSE, onto an
intersection of Telugu long vowels, and their English
lax vowels, KIT and FOOT, onto an intersection of
Telugu short vowels (see Figs 3-6). They make little
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Category creators

T2 (Figs 7 and 8) and T3 also map FLEECE and
GOOSE onto their long high vowels in Telugu, at
least spectrally, but appear to create entirely new
spectral categories for KIT and FOOT.
For these speakers, there is little spectral
difference between long and short vowels in Telugu
(T2’s high front vowels are higher when long, p<0.01,
while T3’s high back vowels are backer when long,
p<0.001). T2 makes no sig. difference between tense
or lax vowels, either, while T3’s back lax vowels are
lower. As a result, there is a high degree of overlap

between the ostensible 4 phonetic categories
(short/long, tense/lax), for both front and back, in
Telugu. We might interpret this lack of allophonic
distinction in L1 as motivation for why, in their L2,
T2 and T3 create new categories for English lax
vowels. Such innovation results in a large distinction
between KIT and FLEECE (p<0.001, for both F1 and
F2), for both speakers. There is also a distinction
between FOOT-GOOSE, though not in all
parameters: T2 makes a height distinction (p<0.001)
and T3 makes a front-back distinction (p<0.001).

F1 (Hz)

200

400

uː
u ʊː
ʊ

600

800
3000

2000

1000

0
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Figure 8: T2’s high vowels in English.
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4. DISCUSSION
Our analysis shows that all speakers map their Telugu
long vowels onto FLEECE and GOOSE. For T2 and
T3, this phonological mapping of [+long] > [+tense]
may be partly phonetically motivated, since English
tense vowels are also longer. However, there are no
obvious category candidates in their Telugu for KIT
and FOOT, and so they create new ones, thereby
making a robust tense-lax contrast in English, which
is further enhanced by duration, especially in T2.
For T1, T4 and T5, the mapping onto FLEECE and
GOOSE is a closer phonetic fit, since their Telugu
long vowels are also tenser. The availability of tenselax allophones of [±long] in their Telugu means these
speakers also have an available L1 category to adapt
for KIT and FOOT. However, just as the tense-lax
differences in their L1 allophones are subtle, their L2
tense-lax contrast is not large, and indeed, for T4 and
T5, is not significant for back vowels. Use of duration
enhances the contrast for front vowels but, for T4 and
T5 at least, is absent from back vowels.

Figure 7: T2’s high vowels in Telugu.

iː
ɪː ɪ
i

contrasting only front (p<0.001). Fig. 9 shows the
very clear durational distinction between Telugu
long and short vowels, for T1, and the much
greater duration variability in his long vowels.
T2’s English lax vowels are of a similar
duration to her Telugu short vowels. Her English
tense vowels are longer (p<0.001) but
considerably shorter than her Telugu long vowels
(p<0.001).

5. CONCLUSION
800
3000

2000

1000

In addition to providing evidence of a fairly granular
influence of L1 on IndE vowels, our results echo
more general claims about L1-L2 transfer, with those
speakers who have to create new categories forming
more robust contrasts in L2 than those who draw on
existing variants that are not strongly distinctive. Our
study has also shown that category status in L1 is
relatively unimportant: allophonic variants can map
onto L2 phonological categories (even if this
undermines distinctiveness).
The effect of phonological length on tense-laxness
in Telugu has not, to our knowledge, been reported in
the literature, and deserves further investigation,
including its potential influence on IndE – as detected
here - and also in terms of its perceptual significance.
It would appear that spectral tense-laxness is a
secondary cue to phonological length in at least some
varieties of Telugu. It is of note that this is a mirror
image of the situation in (SB) English, whereby
phonetic duration is a secondary cue to phonological
tense-laxness in high vowels.

0

F2 (Hz)

3.3 Duration
Figure 9: T1’s vowel durations (Eng-Tel).
Telugu

Duration (ms)

English

200

100

ɪ iː

ʊ uː

i ɪ iː ɪː u ʊ uː ʊː

All speakers used duration to some degree in
distinguishing tense and lax vowels in English,
with T1 and T2 contrasting both front and back
sets (T1: p<0.001; T2: p<0.01), and the others
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ABSTRACT
We examine the effects of prosodic strengthening on
the acoustic realization of L2 French oral vowels.
We analyse 12,283 vowels produced by 20 learners
of French (L1 Spanish and English) and 10 native
speakers according to different prosodic positions:
(i) IP-final (ii) AP-final (obligatory accent) or APinitial (initial non-obligatory accent) and (iii) wordinternal unaccented. We computed the convex hull
area of F1/F2 and F2/F3 spaces, Euclidean distances
and vowel durations. Results show that the L2 vowel
space is expanded in strong prosodic positions.
Differently from what we observe for native French
speakers, vowel expansion does not consistently
reflect the prosodic hierarchy for the two groups of
learners. We discuss these results in the light of L2
acquisition phonology.
Keywords: prosodic strengthening, L2 French
vowels, vowel space
1. INTRODUCTION
It has been shown that both consonants and vowels
in strong prosodic positions are produced with
increased articulatory effort and expand farther apart
within the vowel space. Such phenomenon, called
prosodic strengthening, has been thoroughly
investigated in English [6], French [11, 12], and
Korean [8]. According to [12, 13], the prosodic
strengthening of French vowels contributes to the
enhancement of some phonological features and to
the maximisation of phonetic cues. Segments are
more canonical due to the reinforcement of certain
phonological features when they are produced in
prosodically strengthened positions (i.e., prominent
or accented syllables), in words under contrastive
focus and/or segments near the edge of prosodic
domains such as the Accentual Phrases (AP) or
Intonational Phrases (IP). [4, 12, 13] claim that
prosodic strengthening can also be seen as a
reinforcement of vowel sonority (sonority
expansion) due to the increased aperture motivated
by the presence of prosodic prominence.
[14] show that prosodic strengthening reflects the
prosodic hierarchy in French: the higher the prosodic
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domain (syllable < AP < IP), the higher the acoustic
expansion and the hyper-articulation of vowels.
Similarly, in English, vowels produced at IP-initial
position are more dispersed within the vowel space
than those in accented positions [6]. Yet, it is unclear
whether prosodic strengthening occurs similarly in
other languages. For instance, according to [19, 20]
the presence of pitch accents and/or lexical stress is
not a good predictor of the acoustic expansion of
Spanish vowels.
Studies investigating the effects of prosodic
strengthening in L2 speech are still scant. [9] report
that effects of the L1 prosodic hierarchy can be
observed in the production of L2 English consonants
/b, p/ produced by Korean speakers: VOT values
change as a function of the prosodic hierarchy of
Korean, i.e. the prosodic strengthening of the L1
(Korean) is mapped to L2 English. As for the
acoustic properties of L2 vowels as a function of
their prosodic position, our knowledge is still
limited. [1] claim that the acoustic patterns of L2
French vowels produced by four English speakers
are not affected by the presence/absence of pitch
accents.
In this investigation, we try to replicate these
studies in L2 French by examining vowel quality as
produced by learners of different L1s (Spanish and
British). We examine (a) whether the acoustic
expansion of L2 French vowels is affected by their
prosodic position and, if so, (b) to what extent vowel
expansion reflects the prosodic hierarchy of the
target language. Finally, we discuss whether
prosodic strengthening is conditioned by the L1: if
so, we would expect an L1 positive transfer for
English learners, and an L1 negative transfer (i.e. no
strengthening) for Spanish learners.
2. CORPORA AND METHODS
2.1. Participants and materials

We analyse the speech of 30 speakers from two
corpora: (i) the COREIL corpus [22] and (ii) the
Aix-Ox corpus [14] (gender balanced groups). This
includes 10 Spanish learners of L2 French (L2FRSP), 10 British learners of L2 French (L2FR-EN), 10
French native control speakers (L1FR). Speakers

read nine quasi-identical short passages in French
describing every-day events (approx. 1 min each),
for a total of ~15k vowels. At the time of recording,
learners were attending L2 French courses at the
National University of Mexico (L2FR-SP) and at the
University of Oxford (L2FR-SP) at B1 or B2 levels.
Participants’ profiles are reported in Table 1.
Table 1: Description of participants’ profile. SD
in brackets.

Group
L1FR
L2FR-SP
L2FR-EN

N. of part.
10
10
10

Avrg. age
35 (14)
25 (6)
22 (2)

2.3. Vowels and acoustic metrics

Level
Natives
B1/B2
B1/B2

2.2. Linguistic annotations

The two corpora were transcribed with similar
orthographic conventions and are aligned at the
following levels: inter-pausal units, words, syllables
and phones. We performed an enriched orthographic
transcription for mispronunciations, repairs, errors
and hesitations that were not originally annotated in
the corpora, and carried out a careful manual
correction of phone boundaries. Phone labels
accounted for canonical pronunciations in the case
of L2 French.
Three following prosodic positions were retained
for this study [10, 15]:
•
•

•

of APs. WD position was associated to the
remaining vowels.
In the second step, we carried out a semiautomatic analysis with Prosogram [18]. We
inspected the f0 contour stylisation. Vowels
produced with any melodic movement (falling,
rising or dynamic) spanning more than 2 semitones
with a glissando threshold of 0.32/T2 were manually
labelled as IP-final or AP-final according to aforementioned syntax-to-prosody mapping rules.

IP-final
AP-edge, including AP-final (obligatory
accent) and AP-initial (non-obligatory accent
on the first syllable of the first content word)
WD (word-internal) non-accented

We followed a syntax-to-prosody mapping
approach following [22] for robust crosscomparisons between native and non-native speech.
This was carried out in two steps: (i) prediction of
different prosodic positions according to the
syntactic structure, (ii) verification of the predictions
on the signal.
In the first step, IP-final position was associated
to right edges of coordinated clauses, root clauses
and extra-sentential elements. Vowels produced in
IP-initial positions were excluded from the analysis
since the frequency of certain segments was
unbalanced, representing a problem for the statistical
analysis and for the calculation of the Polygon area
(see section 2.3). AP-edge position was associated to
(a) the last vowel of any AP (defined as any lexical
word and their related grammatical words on the left
side), and (b) the first vowel of the first content word
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The following set of French oral vowels were
considered in the analysis: /i, e, ɛ, a, o, ɔ, u, y, ø, œ/.
A Praat [5] script was used for automatically
extracting the F1-F2-F3 values at the midpoint of
each vowel (in order to minimize coarticulation
effects), using the Burg algorithm as implemented in
Praat. The amplitude peaks were detected in a band
lower than 5kHz for males, and lower than 5.5kHz
for females. A filter (adapted from [13]) was used in
order to exclude all vowels with aberrant formant
values, which were likely to be erroneous formant
detections. Formant values were then normalized via
the Lobanov approach [2, 16]. Additionally, we
extracted vowel durations.
Three metrics were calculated for analysing the
prosodic strengthening on vowel quality: (i) the
Convex Hull Area (CHA) of mean vowel values in
the F1/F2 and F2/F3 charts; (ii) Euclidean Distances
(ED) in the F1/F2 chart from the Gravity Centre to
peripheral vowels /i, a, u/ following [13]; (iii) vowel
durations.
3. RESULTS
Different statistical analyses were performed with
linear mixed-effects models using the lme 4.1 [3]
and lmerTest [17] packages on R. We assessed the
contribution of fixed factors and their interactions
with likelihood-ratio tests between full and reduced
models. Random intercepts for participants were
estimated in all models. Post-hoc comparisons with
Bonferroni corrections were performed with the
lsmeans package [21].
3.1. Prosodic effects on Vowel Quality

After the exclusion of vowels with aberrant formant
values, we computed CHA on the remaining 12,383
vowels. The values for each prosodic position (WD,
AP, IP) and group (L1FR, L2FR-SP, L2FR-EN) are
shown in Table 2.

Table 2: Convex Hull Areas according to the
prosodic positions and groups.
V Space

F1 / F2

F2 / F3

Group

L1FR
L2FR-SP
L2FR-EN
L1FR
L2FR-SP
L2FR-EN

WD
2.90
2.70
2.53
1.62
1.23
1.31

<
<
<
<
<
<
<

AP

3.98
4.50
3.86
2.62
1.45
1.64

<

between AP and IP. In fact, vowel space increases
from WD to AP by 66% and 52% in L2FR-SP and
L2FR-EN respectively, but only by 37% in L1FR.
Moreover, the increase of vowel space between AP
and IP is lower in learners’ productions (+9% for
L2FR-ES, +4% for L2FR-EN) than in L1FR
(+26%). This can be seen in the left column of
Figure 1: vowel areas increase over the three
prosodic positions in L1FR, while vowel areas for
the L2FR-SP and L2FR-EN groups are virtually
unchanged between AP and IP.
With regard to F2/F3 vowel charts in L1FR,
vowel space increases across the three prosodic
positions (+61% for WD > AP and +106% for AP >
IP). In the case of the L2FR-SP group, WD and AP
differ by 57%, but only by 9% between AP and IP.
For productions of the L2FR-EN group, the vowel
area increases by +8% from WD to AP and
decreases by -54% from AP to IP.
The second question we address in this study is
whether the enhancement of three peripheral vowels
depends on the prosodic position. Figure 2 illustrates
the ED from the Gravity Centre to each of the three
peripheral vowels /i, a, u/ (analysis carried out on
5,399 tokens). We built a mixed-effects model
evaluating the effects of VOWEL, GROUP and
PROSODIC POSITION on the ED, with PARTICIPANT
as a random effect. We find a significant main effect
of these three factors on ED and a significant
interaction of GROUP*PROSODIC POSITION (χ2 (8) =
331.12, p < .0001). These results confirm findings
for CHA: the effects of prosodic position on ED
differ across groups and across prosodic positions.
Bonferroni adjusted p-values show that EDs increase
as a function of the level of the prosodic hierarchy
for the L1FR and L2FR-SP groups: WD > AP > IP
(all p-values < .01). Yet, differences of ED between
AP and IP do not reach significance for the L2FREN group (p > .05). This suggests that L2 French
vowels produced by English learners display similar
vowel expansion for AP and IP.

IP

< 5.04
< 4.94
< 4.03
< 5.42
< 2.52
> 1.06

Figure 1: Convex Hull Areas ~ F1/F2 & F2/F3
vowel charts, prosodic positions & groups

The vowel space in our data of L1 French
increases by 37% from WD to AP, and by 26% from
AP to IP. This pattern confirms what has been
reported by [13]: the acoustic expansion of native
French vowels follows the prosodic hierarchy. As
for non-native French data, the output of our metrics
suggests that vowel space expansion is greater in the
strong prosodic positions (AP/IP) than in WD.
However, the vowel space expansion in L2 French
does not reflect the prosodic hierarchy: in the F1/F2
chart, prosodic strengthening seems to have stronger
effects in L2 French between WD and AP than
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ED to gravity centre

Figure 2: Euclidean Distances (ED) ~ prosodic
positions, groups & vowels with 95% CI

In Figure 2 we observe that L1 French vowels /u,
a/ expand as the prosodic hierarchy increases (all pvalues < .0001), but not /i/: for this vowel, the ED

differences are significant only between AP and IP
(p < .0001), confirming claims by [13] that acoustic
patterns of French /i/ are similar between WD and
AP (this vowel seems to be more resistant to
prosodic strengthening).
As for learners, we observe different scenarios.
For Spanish learners, only /u/ increases significantly
across the three prosodic positions (p < .0001), while
/i/ only increases from AP to IP (p < .0001) and /a/
only from WD to AP (p < .0001). For British
learners, /u/ differs significantly across the three
prosodic positions, while /i, a/ increase only from
WD to AP (all p-values < .001), but not from AP to
IP (all p-values > .05).
3.2. Prosodic effects on Vowel Durations

The final question addressed in this study is whether
the effects of prosodic position are observed on
durations of L2 French vowels. As pointed by [10,
13], French vowels are lengthened when they are
accented or associated to final melodic contours.
According to these authors, higher prosodic
prominence is reflected by vowel durations, other
than vowel space expansion.
In order to evaluate whether this effect is present
in L2 data, we built a mixed-effects model
evaluating the effects of GROUP, PROSODIC POSITION
and VOWEL on vowel durations. PARTICIPANT was
entered as a random effect. The statistical analysis
shows effects of the three fixed factors on vowel
durations (χ2 (8) =1259.5, p < .0001).
Post-hoc
comparisons
with
Bonferroni’s
correction indicate that vowel durations are longer in
higher prosodic positions in L2 French (all p-values
< .01). Figure 3 illustrates vowel duration
differences across the three prosodic positions. It can
be observed that, in contrast to ED (see Figure 2),
vowel durations of both L2 groups are affected by
the prosodic hierarchy, similar to L1 French.
Figure 3: Vowel durations ~ prosodic positions,
groups & vowels with 95% CI

4. DISCUSSION & CONCLUSION
Our first metric (Convex Hull Area) suggests that
prosodic positions condition the vowel space in L2
French. Yet, the prosodic hierarchy is not reflected
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in learners’ productions, contrary to L1 French: L2
vowel spaces do not differ between AP and IP, but
only between WD and AP/IP. The second metric
(Euclidean distances) is mainly in line with this
result and gives additional insight: /i, u/ produced by
Spanish learners seem to reflect the canonical
prosodic strengthening found in the target language,
but not /a/. For British learners, /u/ expands as a
function of its position in the prosodic hierarchy, but
/i, a/ do not. Clearly, not all vowels are acoustically
expanded following the prosodic hierarchy in L2
French.
Various explanations can be conjured for such
observations. Firstly, prosodic strengthening may
stem from a positive L1 transfer in the case of
English learners, since [6, 7] have shown that vowel
expansion is affected by prosodic strengthening in
English. However, [6] also claims that the degree of
vowel expansion reflects the level of prosodic
prominence: L1 English vowels /i, ɑ/ follow the
prosodic hierarchy [6]. In our data, L2 French
vowels /i, a/ produced by English learners do not
expand from AP to IP. The postulation of a positive
L1 transfer cannot account for such observations.
Similarly, the postulation of a negative L1
transfer is also not satisfactory for the explanation of
patterns observed for Spanish learners. The
presence/absence of pitch accents does not cause
vowel expansion in L1 Spanish [19, 20], but our
results show an expansion of /i, u/ in L2 French by
Spanish learners, which follows the prosodic
hierarchy of the target language.
We propose an alternative explanation for such
results. Firstly, prosodic strengthening in L2 may be
the result of extreme hyper-articulation [4]: learners,
regardless their L1, try to re-enhance phonological
features of the L2 and hyper-articulate vowels in any
strong prosodic position, without differentiating AP
and IP. In other words, AP and IP could serve as the
primary or default location where learners enhance
vowels in an L2. This could explain why vowel
spaces do not expand between AP and IP positions
in learners' productions, and why only some of the
three peripheral vowels expand as a function of the
prosodic hierarchy. This speculation will of course
need to be tested on a larger data set (including all
French vowels) as well as in IP-initial positions.
Finally, vowel durations show that all groups
produce lengthened vowels as a function of the
prosodic position: the higher the prosodic domain,
the longer the vowels. This seems to suggest that the
acquisition of temporal patterns in correspondence
to prosodic strengthening are less problematic for L2
French learners than the acquisition of differences in
vowel expansion.
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tensity and speech style in influencing the vowel
length in different speech styles was also examined.

ABSTRACT
Previous research has shown that speech style
triggers vowel variation in both length and acoustic
quality. This study investigates vowel variability in
three different speech styles (word reading, passage
reading, and conversational interview) based on the
acoustic data obtained from 20 speakers of China
English (CE), a newly emerging variety of English
in China. The influences of speech style on vowel
duration and vowel space were examined using
linear mixed effects models, which exclude the
influences of individual differences and word
frames. The interaction effects of vowel tenseness
and speech style were also included in this model.
The results suggest that the main effect of speech
style and vowel tensity on vowel duration was
significant. However, the effect of speech style on
vowel space was not significant for the CE speakers.
These findings shed some light on the vowel
realization patterns of CE speakers in different styles
and reveal some differences in stylistic vowel
variation between L1 and L2 English vowels.
Keywords: vowels, speech style, duration,
dispersion, phonetic variation, China English

2. LITERATURE REVIEW
2.1. Stylistic variation

Previous studies have identified a variety of
differences in acoustic realizations of speech sounds
in different speech styles. For example, speakers
may speak more clearly, more slowly [2, 11, 28],
louder and with a higher voice pitch [2, 11] in clear
speech than in conversational speech. Stylistic
variation in speech is also prominently manifested in
the characteristics of vowel modification; in
particular, an expanded vowel space [2, 33], greater
dynamic formant movement and longer vowel
duration [11, 12, 13, 28] in clear speech than in
conversational speech. Lindblom [24, 25] found that
speakers may economize their vocal effort in
connected speech, resulting in reduced speech
(‘hypospeech’). Moreover, he argued that reduced
speech and clear speech lie along a continuum of
contextually determined variability because speech
motor control is output-oriented and plastic.
2.2. Vowel variation

1. INTRODUCTION
In traditional research of spoken language, speech
style is usually controlled in order to exclude
potential variations in sound quality which are
caused by different speech styles. While controlling
for speech style is fairly normal when investigating
certain social and phonological variables, a better
understanding of the effect speech style has on
phonetic production would provide a more holistic
picture of how sounds are realized across different
styles, thus offering a direct comparison of
stylistically divergent phonetic data. In light of this,
this study examines the stylistic variation in vowels
produced by CE speakers in three speech styles (i.e.
word reading in citation form, passage reading, and
conversational interview) by evaluating the
influence of speech style on vowel length and vowel
space. In addition, the interaction between vowel
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The acoustic properties of vowels vary depending on
a wide range of intrinsic and extrinsic variables.
Vowel-intrinsic variables include tensity, length,
stress, and voice register [4, 18, 19, 22] and vowelextrinsic variables include phonological context,
which may cause coarticulation effects [17, 30],
speech register and speech style [9, 20, 21, 28].
2.2.1 Vowel tensity and vowel length
Vowel length and vowel tensity are two interrelated
constructs. Vowel length contrast is often
accompanied by a difference in vowel tensity, and
vowel tensity can also serve as a cue to indicate a
vowel length contrast [26].
In English, spectral difference is the primary
acoustic cue for the tense and lax vowel contrast
([16]). That is, tense vowels (e.g. /i:/ and /u:/) are
produced with more extreme articulatory
movements, resulting in larger vowel spaces than lax

vowels (e.g. /ɪ/ and /ʊ/) ([16, 23]). In addition, vowel
length also plays an important role in representing
the English tense and lax vowel contrast (tensity
difference). According to Leung [23], tense vowels
are typically longer than their lax vowel counterparts
because tense vowels require longer excursions for
the articulators to reach the more extreme target
positions ([16]). Thus, lax vowels (being
intrinsically short) are more resistant to further
compression in duration under the influence of the
contextual factors (e.g. consonantal context and
speaking rate), as compared to the tense vowels [14,
22, 30]. Some empirical studies also found that
vowel shortening usually co-occurs with vowel
centralization within the vowel space ([10, 26]).
That is, when vowel duration is shortened, speakers
may not be able to reach the intended vowel target,
which arguably reflects a general process of ‘vowel
undershoot’.
2.2.2 Speech style and vowel variation
Apart from the phonetic variables, some
paralinguistic factors also influence vowel
articulation in a variety of ways. For example, many
empirical studies have shown that acoustic qualities
of vowels vary in different speech styles [9, 10, 11,
13, 21]. Although speech styles were operationalized
in different ways in different studies, for example,
‘elicited’ vs. ‘spontaneous’ [9, 10] and ‘clear’ vs.
‘conversational’ speech [11, 13]), the studies yield
very similar results: vowels have more
extreme spectral properties and longer duration in
clear speech than in conversational speech (e.g. [3,
9, 12, 18]). As longer duration and extreme spectral
properties are also the acoustic characteristics for
distinction between tense and lax vowels, the
interaction effects of vowel tensity and speech style
on vowel duration change is worth further study.
Numerous studies have shown that vowel
reduction across different speech styles is a
systematic phenomenon because the speech task is
associated with different demands on the speech
mechanism, which may lead to changes in vowel
production [10, 21]. For example, DiCanio et al. [9]
found that acoustic variations of vowels do exist
across speech styles, and that they are not entirely
reducible to durational differences. Spectral
variation is also observable in accordance with the
style change.
2.3. Speech styles and L2 speakers

As the previous review shows, vowel centralization
and shortening in conversational speech as
compared to clear speech have been widely observed
in first language (L1) speech data. However, little
research has been done to explore: 1. whether
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second language (L2) speakers also possess similar
stylistic variation patterns in vowel length and vowel
space to those observed in L1 speakers, and 2.
whether L2 speakers have a similar interrelated
relationship between vowel tensity and vowel length
to that observed in L1 speakers.
Traditional L2 studies suggest that L2 speakers’
interlanguage is more permeable to the target
language in more formal speech tasks, or as more
attention is paid to the form rather than the content
(e.g. [27, 34]). Thus, it can be hypothesized that L2
Chinese speakers of English, who have been widely
reported to have centralized vowel space and
mergers of length and tensity vowel contrasts,
should exhibit more disperse vowel space and
maintain the length and tensity contrast better in
elicited speech than in conversational speech [5,7].
The primary goal of this study is to explore the
vowel variation of CE in three different speech
styles with a special focus on vowel length and
vowel space. In addition, the interaction effects of
vowel tensity and speech style on vowel duration
change were also examined.
3. RESEARCH METHODS
3.1. Speakers

Twenty CE speakers were recruited from the
university students in a high-caliber university
where English is used as the language of instruction
for courses across different disciplines. By
definition, CE refers to the highly intelligible
English spoken by well-educated and highlyproficient English speakers in China. Thus, the
participants in this study are highly-proficient
English speakers who were born and raised in
mainland China and who had lived and studied
exclusively in mainland China before coming to
Hong Kong for further study. These participants all
self-claimed Mandarin as their L1. I intentionally
excluded those who have high proficiency level in
their home dialect to avoid the influence from
different Chinese dialects. The participants had a
mean age of 21.8 years at the time of recording
(ranging from 18 to 26 years), and they all achieved
an overall score of 7.0 or above in IELTS with at
least 6.0 in the speaking component or the
equivalent. The years of learning English of the
participants varied from 11 to 21 years, with a mean
of 14.6 years. Only female speakers were included
in this study to avoid the variation caused by gender.
3.2. Data collection

Speech data were obtained from three different
speech tasks (word reading, passage reading and
conversational interview). The passage was adapted

from a well-known fable by Aesop ‘The Boy Who
Cried Wolf’ in Deterding [7]. This passage has been
widely used as a diagnostic tool to describe and
measure the pronunciation features of new English
varieties. Thirty-two words containing the 11 target
monophthongs were selected from the passage for
speakers to read in citation form. Clearly-spoken
stressed instances of each monophthong were used.
The words were all phrased in a carrier sentence ‘I
say_____’ to minimize participants’ over-emphasis
of the isolated words. The conversational data were
collected through an interview in which the speakers
were asked questions about their English learning
experience. On average, three tokens of each vowel
were selected and analysed from interview speech of
each speaker. As far as possible, the conversational
vowels were extracted from the stressed syllables
and have the phonological contexts resembling those
in passage reading and word reading. The speech
data were recorded on a Sony Digital Audio Tape
recorder using a Shure microphone with a sampling
frequency of 44100 Hz.
3.3. Data analysis

3.3.1. Formant frequency values
The frequency values of the first two formants (F1
and F2) were measured at the steady state around the
vowel temporal midpoint in Praat. The raw
frequency values were then converted into a Bark
scale, proposed by Zwicker and Terhardt [35] and
used by many phonetic studies [1, 6]. Using this
conversion, the distance between the plotted vowel
formant values is more similar to the distances
between the auditorily perceived vowel qualities.
3.3.2. Vowel space measures
In order to examine how speech style influences
vowel space and dispersion, two measures of vowel
space size were calculated from the formant data:
vowel space dispersion (mean Euclidean distance of
the individual vowels from the center of the vowel
space (cf. [3, 33]) and vowel space area (area of the
vowel polygon based on the first two formant values
of four corner vowels /i:, u:, ɑ:, æ/ (cf. [3, 29, 33]).
Instead of using raw formant frequency values, the
Bark value was used when measuring vowel space
and vowel dispersion.

4. RESULTS
4.1 Vowel duration

To explore the effects of vowel tensity and speech
style on vowel duration, a linear mixed effects
model was performed in R ([32]) with two fixed
effects (speech style and vowel tensity) and two
random effects (speaker and word frame). Two-way
interactions were also included in this full model.
The results suggest that there was a significant effect
of vowel tensity on vowel duration (AIC = 5888.51
vs. 5878.72; χ2 = 11.79, p < .001). The average ratio
between lax vowels (mean duration = 113.3 ms) and
tense vowels (mean duration = 142.1 ms) was
1:1.26.
The main effect of speech style on duration was
also significant, as shown in Figure 1. The vowels in
the word list reading have a significantly longer
duration than vowels in conversational speech (AIC
= -5888.51 vs. -5849.11; χ2 = 41.40, p < .001) as
well as vowels in passage reading (AIC = -5888.51
vs. -5833.31; χ2 = 104.37, p < .001). There was no
significant durational difference observed for vowels
in passage reading and conversational speech (AIC =
-5888.51 vs. -5890.16; χ2 = 0.35, p =.55). The
durational ratio between vowels in conversational
speech (mean duration = 111.9 ms) and word
reading in citation form (mean duration = 156.8 ms)
was 1:1.40. However, this effect was asymmetrical,
as there was a significant interaction effect of vowel
tensity and speech style on vowel duration for word
reading and conversational speech (AIC = -5888.51
vs. -5885.09; χ2 = 5.43, p = .02). That is, tense
vowels in conversational speech (mean duration =
123.6 ms) were 58.9 ms shorter than their
counterparts in word reading (mean duration =182.5
ms), and the average ratio of vowel duration in two
speech tasks was 1:1.48. However, lax vowels in
conversational speech (mean duration = 102.4 ms)
were only 34.1 ms shorter than their counterparts in
word reading (mean duration = 136.5 ms). Thus, the
durational ratio of lax vowels in two speech styles
was 1:1.33. This result suggests that, compared to
tense vowels, lax vowels may be more resistant to
the compression in length when the speech style
changes.
4.2 Vowel space

3.3.3. Vowel duration
Vowel duration measures were made from the
spectrogram and waveform in Praat. The vowel
onset and offset were manually identified by the
author.
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As shown in Figure 2, vowel tokens from the three
speaking styles cluster together to varying degrees,
regardless of the tensity of vowels. As shown in
Figure 3, the vowel polygons in three speech styles
that were drawn based on the mean frequency values
of the first two formants of four corner vowels /i:, u:,
ɑ:, æ/ did overlap to a great extent.

Figure 1: Vowel duration in three speech styles.

.84, p = .36), as well as the difference between word
list reading and conversational speech (AIC =
383.98 vs. 382.94; χ2 = .96, p = .33), are both
statistically insignificant.
Figure 3: Vowel space area in three speech styles.

Figure 2: Vowel scatter plots in three styles.

5. DISCUSSION & CONCLUSIONS

As for the measurement of vowel space
expansion, the results of each individual speaker’s
vowel space dispersion for four corner vowels in
three speaking styles were calculated. A linear
mixed effects model was performed to explore the
effect of speech style on vowel dispersion. ‘Speech
style’ and ‘vowel’ were entered as fixed effects
(without interaction term), and ‘speaker’ was entered
as the random effect. The results suggest that there
was no significant effect of speech style on the
degree of vowel dispersion (AIC = 507.30 vs.
507.49; χ2 = 2.19, p = .14), but that a significant
effect of individual vowels on the degree of vowel
dispersion was found (AIC = 507.30 vs. 832.82; χ2 =
331.52, p < .001). In other words, the degree of
vowel dispersion in CE is not influenced
significantly by speech style, but different vowels
may have varying degrees of dispersion in different
speech styles.
A linear mixed effects model was constructed
with ‘speech style’ as the fixed effect and ‘speaker’
as the random effect to explore the effect of speech
style on the vowel space area in three speech styles.
The result suggests that the main effect of speech
style on vowel space area was not statistically
significant. The difference between word list reading
and passage reading (AIC = 383.98 vs. 382.82; χ2 =
1092

The results from the present study suggest that the
main effect of vowel tensity on vowel duration was
significant in CE vowels, which means that tense
vowels were significanty longer than their lax
counterparts in CE. This finding contradicts the
previous findings on Chinese L2 English learners
which stated that they tend to merge the length
contrasts between tense and lax vowels ([1, 5]). This
interesting finding may provide some support to the
claim that CE, which is different from L2 learner
English, has its own stabilized sound system and
internalized phonological rules, as do other innercircle English varieties.
In addition, the main effect of speech style on
vowel duration was significant; i.e., vowels in the
word list reading were significantly longer than
those in passage reading and those in conversational
speech. However, vowel space and vowel dispersion
did not show any significant difference between the
three speech styles. This result did not conform to
previous studies on L1 English speakers [21, 23],
which found salient vowel space expansion in clear
speech, as in conversational speech. Based on this
result, we can speculate that speech style may exert
different influences on L1 and L2 speech
production, but further empirical research needs to
be conducted to validate this speculation since the
current data only focused on the effects of style on
vowel acoustics. Thus, this study not only
contributes to our knowledge on the acoustic quality
of CE vowels, but also provides a better
understanding of vowel variability caused by speech
styles in L2 spoken language.
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ABSTRACT
This paper investigates how alignment in
conversation fosters L2 sound learning. We studied
the role of (1) awareness of the difficulty of the sound,
(2) exposure to a native pronunciation and (3) implicit
negative feedback on the learner’s production.
Forty-nine Dutch speakers interacted with an
English confederate playing a game designed to raise
their awareness of the difficulty of the English /æ-ɛ/
contrast. During the interaction, we exhaustively
controlled for the presence versus absence of
exposure and implicit negative feedback.
We analysed participants’ English /æ/ and /ɛ/ as
produced in sentence-completion tasks before and
after the interaction. Results show that Awarenessraising led participants to produce more native-like
/æ/’s, both in height and frontness. Exposure led to
improvement in the frontness of the two vowels.
Feedback did not have an effect on the production of
these vowels; the combination of Feedback and
Exposure even hindered learning, undoing the effect
of Exposure.
Keywords: Second language acquisition, sound
learning, alignment, feedback, vowels
1. INTRODUCTION
Achieving a native-like pronunciation is a crucial and
challenging aspect of second language (L2)
acquisition. Incongruences between the sound system
of a learner and that of the L2 may raise difficulties
in the process of learning L2 sounds. These
difficulties present themselves in the form of
mispronunciations. Since the sound system of a
learner remains adaptive over the course of their life
[5], learners might eventually overcome these
mispronunciations. This paper investigates three
factors which might help learners overcome these
incongruences and achieve a more native-like
pronunciation.
First, one of the factors helping learners overcome
mispronunciations could be awareness. If learners
become conscious about their difficulty with
producing an L2 sound distinctively, they may try to
actively improve their pronunciation.
Second, exposure is commonly taken to be of key
importance for sound learning. Speakers who are
exposed to unfamiliar sounds in conversations may
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show adaptation to those sounds in their
pronunciation. This phenomenon, known as
alignment, takes place in L1 context, as well as in L2L1 interactions [9]. We propose that L2 learners may
obtain a more native-like production when exposed to
native speakers’ pronunciation.
Third, feedback might affect L2 sound learning.
Previous studies have shown inconsistent outcomes
with some evidence supporting the effectiveness of
feedback on L2 learning [3, 7], while there is also
evidence suggesting that feedback does not
substantially contribute to learning [11].
In this paper, we investigate how learners’
mispronunciations due to mismatches with the native
sound inventory can be improved during a single
conversation. We studied the roles of (1) awareness
of the difficulty of the L2 sounds, (2) exposure to a
native pronunciation, and (3) implicit negative
feedback on the learner’s pronunciations. By
including these factors in the same study, we can
assess their influence on learning independently, and
also draw fair comparisons between them.
We used the recently developed Ventriloquist
paradigm [4]. In this methodology, participants
believe they are having a genuine conversation,
whereas in fact they are interacting with a confederate
who plays pre-recorded speech samples and never
actually speaks to them. This paradigm provides the
possibility to elicit spontaneous speech while
controlling the three factors whose effects we wished
to investigate.
Our participants were Dutch learners of English.
The critical contrast for the experiment was the
English /æ-ɛ/ distinction. These two vowels contrast
in height (/æ/ is lower than /ɛ/) and in frontness (/ɛ/ is
more fronted than /æ/). This contrast has been
reported to be problematic for this population [2].
2. THIS STUDY
This experiment consisted of a production pre-test, an
interaction and a production post-test. In the
interaction stage, Dutch speakers played a puzzlesolving game in English with a confederate for 15-20
minutes. During this game, participants were visually
exposed to minimal pairs. In critical trials, the
minimal pairs differed in the contrast /æ-ɛ/. Their task
in the game was to instruct the confederate to select
one specific word. In critical trials, this word was the
/æ/ member of the /æ-ɛ/ minimal pair. Participants,

thus, had to pronounce the target vowel /æ/ clearly
enough for the confederate to distinguish it from /ɛ/.
This task was expected to raise their awareness of the
difficulty to distinguish the /æ-ɛ/ contrast in their
pronunciation.
Participants performed two Sentence Completion
tasks containing the target sounds /æ/ and /ɛ/ of
approximately 10-15 minutes, immediately before
and after the interactive game. By comparing the
pronunciations of the target contrast in the pre-test
and the post-test tasks, we can evaluate the effect of
awareness on L2 learning.
Exposure to the target sounds as pronounced by a
native speaker (present/absent) and implicit negative
feedback on their pronunciation (present/absent) were
fully crossed during the interaction stage, resulting in
four conditions.
3. METHODOLOGY
3.1. Participants

Forty-nine female Dutch-native speakers with an
average age of 21.4 years (SD= 2.27) participated in
this study. They were all students from Radboud
University and their average LexTale [6] score was
75.78 (SD = 10.82) which corresponds to an upper
intermediate level or B2 (CEF).
3.2. Materials

3.2.1. Critical and filler minimal pairs
Critical items were 24 minimal word pairs differing
in the /æ-ɛ/ contrast (e.g. flash/flesh, axe/ex). All
items were high frequency words (M = 4.81, SD =
.661) according to SUBTLEX-UK [12]. As fillers, we
selected four sets of 24 minimal word pairs
containing /ɪ, i:/, /p, b/, /m, n/, or /r, l/, which Dutch
learners find easier to distinguish.
3.2.2. Ventriloquist Recordings
A 25-year-old female speaker of British English
recorded a large number of utterances to be played by
the confederate during the interaction, unbeknownst
to participants. These items were designed to enable
giving participants the impression they were part of a
real, live conversation (see [4]) and they were
carefully scripted not to contain words with /æ-ɛ/.
3.2.3. Sentence Completion Task
The sentence beginnings that the participants had to
complete in the Sentence Completion Task contained
all 48 words from the /æ-ɛ/ minimal pairs. Words
from the filler minimal pairs were also included in the
sentence beginnings. In this way, we ensured
participants pronounced a high number of words

1095

including the critical sounds, without being aware
that these were the sounds of interest.
Two sentence beginnings were generated for each
word from the 24 /æ-ɛ/ minimal pairs set, resulting in
a total of 96 utterances. The two sentences including
the same critical word were identical in structure and
in the phonetic context of the critical word, e.g (a) I
saw my dad was checking his watch as I arrived
really(…) and (b) I heard her dad was complaining
about her going to(...). One sentence of each pair was
included in the pre-test and the other one in the posttest.
3.3. Procedure

During the interaction stage, participants played the
Code Breaker game with the confederate. In this
game, the two players saw different information on
their screens and had to co-operate in order to solve a
series of puzzles. There were two types of trials: the
Code Breaker (CB) trials, designed to manipulate
awareness and feedback, and the Semantic
Relationship (SR) trials, designed to manipulate
exposure.
In the CB trials, the confederate saw an incomplete
sequence of shapes and a set of four words, consisting
of two minimal pairs, on her screen. The participant
saw four shapes, each linked to one of those four
words. Every trial of the game started with the
confederate using pre-recorded audio to describe the
sequence. In order to solve the puzzle, the participant
had to indicate which of the four words was linked to
the shape that could complete the sequence described,
and the confederate had to click on that word on her
screen.
The four words that appeared on the participant’s
screen consisted of two minimal pairs. Out of the total
64 CB trials, only 12 contained the /æ/ word from a
critical minimal pair as the word linked to the right
shape, meaning that only 12 times participants had to
distinguish this contrast in production terms during
the game. For the rest of the trials, the filler contrasts
were used.
For the groups with implicit negative feedback,
participants could see the selection made by the
confederate. In the critical trials, when participants
had to say a word with /æ/, the confederate
systematically chose the wrong word, containing the
/ɛ/ vowel, which made participants believe their
pronunciation of the contrast was not clear enough. In
conditions without feedback, participants never saw
the selection made by the confederate.
In the SR trials, participants described a picture
they saw on their screen to the confederate. The
confederate saw two minimal pairs on their screen
and determined which of the four words was
semantically related to the picture described. In every
trial, the confederate played an audio reading all the

possible options out loud to the participant. To
implement exposure, we introduced /æ-ɛ/ minimal
pairs among the options read out loud in the audios
played by the confederate in this type of trials. In
conditions without exposure, all the words read in SR
trials belonged to the filler minimal pairs; therefore,
participants were never exposed to the native
pronunciation of these vowels.
In order to draw fair comparisons between the
effects of exposure and feedback, we restricted the
frequency with which they appeared during the
interaction: in all 12 SR participants heard the critical
contrast and only 12 of the 64 CB trials induced
negative feedback on participants’ production of the
critical contrast.
During the pre- and post-test, participants read the
sentences beginnings, one by one, from a computer
screen (Calibri, 28 pt). They were recorded producing
the complete sentences with a Senheisser K-6
microphone, at a sampling rate of 44.1 kHz, 16-bit
quantisation.
4. RESULTS
The sentences that participants produced during the
pre-test and the post-test were automatically aligned
to their corresponding orthographic transcriptions
using Montreal Forced Aligner (MFA) [8]. We used
the default MFA pre-trained models for English and
modified the CMU dictionary to include Dutchaccented English pronunciations, improving the
alignment.
Participants produced an average of 87.5 /æ/
tokens and 83.7 /ɛ/ tokens during the pre-test and 86.7
/æ/ tokens and 80.3 /ɛ/ tokens in the post-test. For
every token, the first (F1) and the second (F2)
formants were extracted at the midpoint of the vowel.
In order to exclude mistakes produced by the
automatic aligner, we removed all F1 and F2 values
that were 2.5 standard deviations away from the
means per vowel for each participant in the pre-test
and post-test separately. The F1 and F2 values were
transformed using the Lobanov transformation.
An exploratory analysis comparing the vowels of
the voice recorded for the Ventriloquist and the
vowels of the Dutch learners of English produced in
the pre-test showed differences in the articulation of
the two critical sounds. While the /æ-ɛ/ vowels
differed in terms of height and frontness for the
Ventriloquist, they did not differ in frontness for the
Dutch speakers of English. The Dutch produced both
less fronted than British /ɛ/ and less back than /æ/.
Due to participants’ asymmetrical knowledge of
the height and frontness distinction in the pre-test, we
expected the factors under study to affect the F1 and
F2 distinction differently. Therefore, we fit linear
mixed effects models, using R [10] and the lme4
package [1], on the data for F1 and F2 separately. We
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included the theoretically relevant predictors: Vowel
(/æ-ɛ/), Exposure (Yes/No), Feedback (Yes/No) and
Test (pre-test/post-test), and a random intercept by
Speaker and by Word. The model structures were
improved by removing the effects that were
considered not significant, i.e. those whose t-value
were smaller than absolute 1.96. The final models
were always refit without model outliers (2.5 standard
deviations).
4.1. Vowel Height (F1)

For the data set of the F1 values of the vowels, there
were simple effects of Vowel (b=-0.329, t =-7.303)
and Test (b=0.027, t=1.964) as well as an interaction
between the two (b=-0.051, t=-2.551). Together they
suggest that participants distinguished the two vowels
already in the pre-test in terms of F1 and that they
further raised the F1 of the /æ/ (intercept) in the posttest. There seems to be no difference in F1 for /ɛ/
between pre- and post-test (i.e. no learning at all), as
supported by releving of the data to place /ɛ/ on the
intercept: we found no simple effect of Test. There
were no significant effects of Exposure nor Feedback.
The F1 of /æ/ thus rises in all the conditions in the
post-test, after participants played the Awarenessraising game, regardless of the presence or absence of
Exposure and Feedback. The F1 of /ɛ/ stayed the same
across all conditions.
4.2. Vowel Frontness (F2)

The model fit for the F2 values revealed a 4-way
interaction among all the predictors, namely Vowel,
Exposure, Feedback, and Test. In order to interpret
this interaction, we split the data by Vowel.
For the F2 of /æ/ tokens, we found a main effect
of Test (b=-0.035, t=-2.232) with the absence of
Exposure and the absence of Feedback on the
intercept, which means that the F2 of this vowel
decreased in the post-test, after participants played
the Awareness-raising game with the confederate,
even if they received no Exposure or Feedback. We
also found an interaction between Test and Exposure,
(b=-0.042, t=-1.976), which indicated that the
decrease in the F2 was larger with than without
Exposure. As for Feedback, the interaction between
Test and Feedback was not significant, meaning that
the presence of only Feedback without Exposure did
not have an additional effect on the F2 values. We
found a 3-way interaction between Exposure,
Feedback and Test (b=0.067, t= 2.290) going in the
opposite direction. This interaction indicates that the
presence of Feedback modulated the effect of
Exposure. We subset the data to include only the
participants who received both Exposure and
Feedback and we found no effect of Test. The
absence of this effect suggests that the combination

with Feedback hindered the learning triggered by
Exposure.
In summary, participants in the condition where
Exposure and Feedback were not present learned to
produce /æ/ further back. The presence of Exposure
induced a larger learning effect. Feedback, on the
other hand, had no effect in isolation and hindered
learning when combined with Exposure.
As regards the F2 values of /ɛ/ tokens, we did not
find a main effect of Test, which indicates that for the
condition in the intercept, the condition without
Exposure and Feedback, the F2 values did not change
between the pre-test and the post-test. There was an
interaction between Exposure and Test (b=0.057,
t=2.843), indicating that the presence of Exposure
made the F2 values increased in the post-test
compared to the pre-test. The interaction between
Feedback and Test was not significant, meaning that
the presence of Feedback in isolation did not affect
F2 values. We also found a 3-way interaction among
Feedback, Exposure and Test, (b=-0.099, t= -3.555).
This interaction suggests that the effect of Exposure
was, again, modulated by the presence of Feedback.
We fit a model on the subset of the data only
including the condition where both Exposure and
Feedback were present and it revealed no effect of
Test, which indicates that Feedback and Exposure did
not lead to any learning in the conditions were
Feedback was also present.
Briefly, Awareness and Feedback had no effect on
the F2 values. Only Exposure without feedback raised
the F2 of /ɛ/. However, the combination of the
Feedback and Exposure led to no change between the
pre-test and the post-test.
5. DISCUSSION
The current study investigated whether, in
conversation, Dutch learners of English improve their
pronunciation of the problematic English contrast, /æɛ/, when they (1) become aware of the difficulty of
the contrast, (2) were exposed to native pronunciation
of these sounds and (3) obtain feedback on their
production.
Awareness-raising led participants to produce
more native-like /æ/’s in the post-test, both in terms
of height and frontness. Participants did not show any
improvement in /ɛ/ driven by awareness-raising.
Exposure led to an improvement in the frontness of
the vowels: /æ/ became more back and /ɛ/ more
fronted. Feedback did not have an effect on the
production of these vowels when implemented
without exposure. The combination of Feedback and
Exposure hindered learning as it undid the effect of
Exposure.
One possible explanation to why feedback was not
beneficial could be related to the specific type of
feedback implemented in this study. For the sake of
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consistency, the feedback participants received was
always corrective, regardless of the actual production
of the vowels. With this type of feedback,
participants’ pronunciation was corrected in every
one of the 12 critical trials, even if they were making
an effort to pronounce /æ/ distinctively different from
/ɛ/. Participants may have found this type of feedback
confusing.
Similarly, the combination of exposure and
feedback was not helpful either. The presence of the
two factors together may have been too
overwhelming or confusing for participants to benefit
from their presence.
In general, /æ/ seems to be more affected by
learning than /ɛ/. Exposure affects both vowels, but
only /æ/ also improved as a result of awareness. This
could be due the fact that /æ/ had more room for
improvement, since Dutch-accented English /æ/ was
articulated further away from their native English
counterpart than Dutch English /ɛ/ is from its
equivalent. If Dutch speakers are aware that Dutch
English /ɛ/ is closer to the native sound, they may be
less willing to change their pronunciation of that
sound. Another possible explanation could be related
to the fact /æ/ was the focus of the experiment since,
in the critical Code Breaker trials, participants always
had to produce the word containing /æ/ and never /ɛ/.
These results suggest that exposure leads to
changes in the vowels’ frontness but not in the height
distinction. One possible explanation could be linked
to the participants’ previous knowledge. The pre-test
analysis of the vowels shows that participants already
applied the height distinction between these two
sounds. Perhaps the combination of awareness and
exposure during the experiment made participants
realise that frontness is also a cue distinguishing the
two sounds. As a result, participants started applying
this cue too.
In conclusion, this study has shown that
awareness of the difficulty of an L2 sound, and
exposure to native pronunciation trigger short-term
learning of L2 sounds. Corrective feedback did not
help participants achieve a more native-like
pronunciation. Moreover, this experiment has shown
that conversation-intrinsic factors can be studied in a
naturalistic setting that is nevertheless highly
controlled.
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ABSTRACT

tween that of a native speaker and a second language learner [1]. Examples include the reduction
of unstressed vowels, especially high and mid vowels, and the fronting of /u/ [8, 9, 10, 20].
Although previous studies have tested heritage
/u/-fronting in the Midwest, no study has collected
data from heritage speakers in both English and
Spanish to evaluate the effects of transfer on either
language [9, 12]. This study aims to determine the
influence of English and Spanish on the production
of /u/ by North Midland heritage speakers of Spanish.

This study aims to determine if North Midland heritage speakers of Spanish produce a fronted /u/ when
speaking English, and whether this fronted /u/ transfers onto the heritage speakers’ Spanish. F2 values
were collected to measure the /u/ production of nineteen Spanish-English bilingual heritage speakers,
twenty monolingual English speakers, and twenty
monolingual Spanish speakers. Results showed that
the heritage speakers produced a more fronted /u/
in English than in Spanish; heritage /u/ in English
was less fronted than that of monolingual English
speakers. Heritage speaker /u/ in Spanish was more
backed than that of monolingual Spanish speakers
in both unstressed and stressed position. These results are discussed in terms of the interdependence
hypothesis and cultural identity.

2. THE PRESENT STUDY
Three research questions were presented to explore
the possible effect of transfer on bilingual heritage
speakers of Spanish:

Keywords: heritage language acquisition, /u/fronting, speech production

1. Do heritage speakers produce a fronted /u/
when speaking English?
2. Do heritage speakers produce a fronted /u/
when speaking Spanish?
3. Does metrical stress affect the /u/ of heritage
speakers when speaking Spanish?

1. INTRODUCTION
The production of Spanish vowels is considered
to be stable and minimally variable across native
speakers [3, 4, 17]. Only some Spanish varieties
have shown variation in the production of vowels,
such as the raising of unstressed mid vowels in
word-final position in Puerto Rican Spanish and the
reduction of unstressed vowels in Central Mexican
Spanish [17]. This vocalic stability, however, is not
found in English. Specifically, the production of /u/
has been recorded as significantly more fronted in
several English-speaking areas [5, 6, 7, 10, 11, 12,
14, 17, 20].
The growing Hispanic population in the United
States has led to an increase in heritage language
research. A heritage speaker is an individual “who
is raised in a home where a non-English language
is spoken, who speaks or understands the language,
and who is to some degree bilingual in that language
and in English” [19]. Although heritage speakers
are assumed to sound native-like in both of their
languages, research suggests that the phonetic production of heritage speakers lies somewhere be-

Cultural identity has been found to correlate
with /u/ production in the United States; previous research studies reported that participants who
strongly identified with their Spanish-speaking identity produced a backed /u/ in English, despite living
in areas where English speakers produce a fronted
/u/ [9, 12]. Based on these results, it was predicted that the heritage participants would produce a
backed /u/ in English if they strongly identified with
their Spanish-speaking identity.
According to the interdependence hypothesis,
bilingual speakers’ language systems will generally
remain separate; however, some transfer from the
dominant language may affect the weaker language
[16]. Because the English vowel system is more
complex than that of Spanish, it was predicted that
the heritage speakers would produce a fronted /u/
when speaking Spanish due to transfer from the English vowel system.

1099

duction of Spanish vowels is considered to be minimally variable, regardless of regional variety [4].
Thus, country of origin was not expected to affect
the choice of Spanish speakers.

The third research question addresses the possible effect of metrical stress on the Spanish /u/. Although the Spanish vowel system is generally stable and does not display reduction, unstressed vowels produced by heritage speakers and native Spanish speakers in Puerto Rico and central Mexico have
been found to reduce or centralize in word-final position [17]. Based on this research, it was predicted
that the heritage participants would produce a more
fronted /u/ when reading words with this vowel in
unstressed position.

3.2. Materials

100 Spanish and English sentences, including filler
items, were created to elicit the production of /u/.
Of the forty English sentences, ten contained one
target word with the vowel /u/; the remaining sentences included filler words with the vowels /a I ae/.
All English target and filler words were monosyllabic, given that change in stress has not been found
to affect English /u/ frontedness.

3. METHODOLOGY
3.1. Participants

Table 1: Sample target items.

Nineteen adult bilingual Spanish-English heritage
speakers from the Chicagoland area were recruited
at two large Midwestern universities. All speakers
reported acquiring Spanish before age five. Sixteen
participants reported English to be their dominant
language, while one participant reported Spanish as
her dominant language and two participants reported
to be equally dominant in both languages. The participants also reported using English more often than
Spanish in their daily life. Information on the Spanish variety spoken by the participants was not collected.
Additionally, the heritage participants reported
their speaking, listening, reading, and writing skills
in English and Spanish. Paired samples t-tests
showed that they reported significantly higher scores
in English for speaking, reading, and writing. They
also reported higher scores for listening in English,
although this was not significant. To measure cultural identity, the participants also reported on how
much they felt like themselves when using each language, how important it was to use each language
natively, and how closely they identify to each language’s culture. The differences according to cultural identity were not significant; however, participants reported feeling like themselves slightly more
when using English than Spanish. Additionally, they
reported it being somewhat more important to use
English natively than Spanish but identified more
closely with the Spanish-speaking culture than with
the English-speaking culture.
Twenty monolingual English and twenty monolingual Spanish speakers were recorded as controls.
The English speakers were from the Chicagoland
area with minimal to no previous knowledge of a
second language. The Spanish speakers were from
Madrid, Spain with minimal to no previous knowledge of a second language. While Peninsular Spanish speakers were chosen for this study, the pro-

English
dude
goop
toot

Spanish
Stressed
felpudo
barbudo
picudo

Spanish
Unstressed
cubito
cubano
bufanda

Sixty Spanish sentences were presented to the
Spanish-speaking participants; twenty with the target word and forty fillers. All Spanish target and
filler words within the sentences were three syllables long and varied in terms of where the stress was
placed. Based on Ronquest’s research on heritage
/u/-fronting [17], ten target words contained an unstressed word-initial /u/. The remaining target words
contained a stressed /u/ on the second syllable.
3.3. Procedure

All participant groups were recruited via email or
personal acquaintance and were paid for their participation. All participants completed a language background questionnaire, while the heritage participants
also completed a Spanish proficiency test.
The participants were asked to sit in a soundattuned booth or a quiet room; this depended on the
location in which the study was conducted. They
were given one of five versions of a randomized list
of stimuli, split into an English list and a Spanish
list. The participants were asked to read either the
Spanish list, the English list, or both, while being
recorded by a TASCAM DR-05 96k/24-bit Portable
Stereo Recorder. Participants were asked to read
the sentences slowly and clearly. Heritage speakers
were recorded first in English.
Participant recordings were edited, annotated, and
analyzed through Praat [2]. F1 and F2 frequencies at
the temporal midpoint were extracted from each target word [12, 17]. Only the target vowel /u/ was an-
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alyzed; the filler vowels were not analyzed. Outliers
two-and-a-half standard deviations from the mean
were removed from the data.

Table 2: Significant estimated marginal means
(EMMs) of all participant groups.

Group
Contrast
HE − ME
HE − HSS
HE − HSU
ME − HSS
ME − HSU
ME − MSS
ME − MSU

4. RESULTS
A linear mixed effects model was run using R and
the lmerTest package to determine the relationship
between participant group and F2 value, with participant as a random effect and age, gender, and cultural identity as fixed effects [13, 18]. The participant groups were renamed for the analysis in the
following way. The monolingual English speaker
group was coded as ME and the heritage English
speaker group was coded as HE. The monolingual
Spanish speakers reading Spanish with /u/ in the
unstressed position were renamed MSU, and the
heritage speakers reading these same words were
renamed HSU. Finally, the monolingual Spanish
speakers reading words with /u/ in stressed position were coded as MSS, and the heritage speakers
were named HSS. The results of the model, with the
monolingual English participant group as the baseline, showed a significant difference between the English monolinguals and all other participant groups
in terms of the F2 values (p<0.001). Pairwise comparisons were run to compare all participant groups
using the estimated marginal means function in R
[15]. The difference between the heritage speakers when producing /u/ in English and Spanish was
found to be significant (p<0.001). However, the heritage English production and the Spanish monolingual productions in both stressed and unstressed position were not found to be significantly different
(p>0.05). The heritage speakers did not produce a
significantly more fronted production of /u/ when
the vowel was in unstressed position (p>0.05). Finally, heritage speakers who reported feeling more
strongly identified with the Spanish-speaking culture did not produce a significantly more fronted
/u/ than the heritage speakers who identified more
strongly with the English-speaking culture or who
identified equally with both cultures (p>0.5).
The results of the linear mixed effects model also
show a significant difference in /u/-fronting according to gender, with female participants generally
producing a more fronted /u/ than the male participants. There was no significant difference between
groups according to age (p>0.05).

Estimate SE

t

p

-241.24
275.23
268.33
516.48
509.58
416.99
354.70

-4.151
10.445
10.082
8.922
8.785
5.615
4.768

.001
<.001
<.001
<.001
<.001
<.001
<.001

58.11
26.35
26.61
57.89
58.00
74.26
74.40

research question asked whether heritage speakers
fronted their /u/ when speaking English. As is seen
in Figures 1 and 2 and confirmed by the linear
mixed effects model, the heritage speakers produced
a more fronted /u/ when speaking English than when
speaking Spanish. Heritage participants also fronted
their /u/ more than the Spanish monolingual participants, although this was not statistically significant.
Additionally, all but three participants reported English as their dominant language. Thus, the participant population in this study can be said to strongly
identify with the English language and culture. This
result also supports the interdependence hypothesis,
given that the heritage speakers demonstrated two
separate language systems or vowel spaces.
Although the heritage speakers fronted their /u/
when speaking English, this production was not as
fronted as that of the monolingual English participants. Previous research on heritage /u/-fronting reported that heritage speakers of Spanish produced
backed /u/ despite living in areas where fronting occurs due to their strong cultural ties to local Spanishspeaking communities [9, 12]. The participants in
this study reported stronger linguistic abilities in English and equally strong attitudes about their Spanish
and English cultural identities. At this point, more
analysis of the heritage cultural identity is necessary
to discuss these results.
The second research question asked whether heritage speakers produce a fronted /u/ when speaking Spanish. Based on the interdependence hypothesis, it was predicted that the English /u/-fronting
found in Midwestern United States, and in the heritage speakers’ English production, would transfer
onto the Spanish /u/ due to the complexity of the
English vowel system. The results showed that heritage speakers of Spanish did not front their /u/ more
than monolingual Spanish speakers; in fact, the heritage speakers produced a more backed /u/ than the
monolingual speakers. One possible explanation is

5. DISCUSSION
Three research questions were presented to determine the possible /u/-fronting of bilingual heritage
speakers of Spanish from the Midwest. The first
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the heritage speakers did not produce a fronted /u/
in unstressed position. According to Ronquest [17],
the shift towards a centralized /u/ in unstressed position has been recorded in monolingual Spanish varieties and in heritage speakers of Spanish. However,
the results of the present study showed that the heritage speaker /u/ was similar to that of the monolingual Spanish speakers. These contradicting results
may be due to the difference in participants tested.
Ronquest collected data from thirteen female participants between the ages of eighteen and twentytwo; for this study, fifty-nine male and female participants between the ages of eighteen and sixty were
recorded. This varied participant group allows for a
broader review of /u/-fronting. A range of F2 values
can also be appreciated in Figures 1 and 2. Specifically, the heritage Spanish speakers and the monolingual Spanish speakers appear to demonstrate a
wide range of F2 values when producing /u/ in unstressed position. Further analysis is needed to review both heritage speakers and monolingual Spanish speakers in terms of their /u/-fronting.

Figure 1: Female /u/-fronting in all participant
groups.

Figure 2: Male /u/-fronting in all participant
groups.

6. CONCLUSION
The current study aimed to determine whether bilingual heritage speakers of Spanish in Midwestern
United States demonstrate an effect of transfer when
producing /u/ in English and Spanish. Results
showed that heritage speakers produced a fronted /u/
when speaking English, although this /u/ was not as
fronted as the production of the monolingual English
participants. The heritage speakers did not produce
a fronted /u/ when speaking in Spanish in either unstressed or stressed position. The present study requires more research on heritage cultural identity to
determine whether this backed /u/ in Spanish and
English occurs due to the heritage speakers’ identity, or whether this result was due to confounding
factors.

that the heritage speakers kept their two language
systems (English and Spanish) separate without any
phonetic transfer between them. The heritage Spanish production does not appear to be affected by
transfer from the English language, given that the
heritage /u/ is the most backed production found
within all four groups. Furthermore, the moderately
centralized production of the heritage English /u/
appears to be somewhere between the productions
of monolingual English and monolingual Spanish
speakers; this may be an example of what Benmamoun et al. [1] term the “heritage accent". Another possibility is that the Spanish vowel system
transferred onto the English /u/. As mentioned previously, the heritage English /u/ was not found to be
significantly different from the monolingual Spanish /u/; as seen in Figures 1 and 2, the monolingual
Spanish productions and the heritage English /u/ appear to overlap, suggesting that the English /u/ may
have become more backed due to the influence of
Spanish.
The third research question asked whether metrical stress affects the heritage production of /u/. The
results of the linear mixed effects model showed that
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ABSTRACT
Evaluating L2 pronunciation via acoustic measures is
problematic. In the literature, this is sometimes
accomplished via fluency metrics (speech rate,
average length of IPUs, etc), which however do not
capture pronunciation accuracy. Other studies use
VOT measurements (only possible if L1 and L2 differ
in this respect) or comparison of vowel formants with
native values. This contribution uses vowel distances
in an F1-F2 space, Pillai scores and classification
scores for vowel pairs as acoustic metrics of L2 vowel
pronunciation. We compute these metrics on speech
produced by 25 learners of L2 English and we
compare them with (a) fluency metrics computed on
the same productions, (b) VOT measurements, (c)
impressionistic judgments provided by native
speakers. The advantage of this approach is that L2
pronunciation accuracy is not judged in reference to
comparable native productions, but intrinsically: it
measures the extent to which phonological vowel
contrasts are kept apart in L2 speakers’ realisations.
Keywords: vowels, L2 pronunciation assessment,
vowel distances, Pillai score, LDA classification.
1. INTRODUCTION
1.1. Measuring L2 pronunciation accuracy

Measuring L2 pronunciation accuracy is reputedly a
problematic task and has been a topic of debate [11].
Although sophisticated methods based on speech
technologies have been made available in the last
decades (e.g. [10]), they are seldom used in the
literature, perhaps because of practical issues such as
budget constraints or technical complexity. In fact,
most studies resort to a few simple techniques: native
judgments of comprehensibility or nativelikeness,
fluency metrics, VOT. Unfortunately, all these
methods have drawbacks. Native judgments are
behavioural, and as such have the disadvantage of not
being exactly reproducible. Additionally, it can
sometimes be difficult (or impossible) to determine
the linguistic events that affected native judgments,
making them potentially hard to interpret. Fluency
metrics (speech rate, length of pauses, number of
pauses, etc.) by definition only provide a measure of
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how smoothly a speaker produces L2 speech, but do
not give any insight into how vowels and consonants
are pronounced. Finally, VOT (often used as a
measure of nativelikeness, cf. [6]) is only viable when
L1 and L2 differ in this respect (e.g., Italian/French
learners of L2 English, but not German learners of L2
English).
1.2. Aim of this study

In this study, we test acoustic metrics derived from
vowel formants as measures of nativelikeness and
comprehensibility. In particular, we test:
a. Euclidean distances of teste-lax vowel pairs in
an F1-F2 chart;
b. LDA (linear discriminant analysis) classification scores for tense-lax vowel pairs;
c. Pillai scores for tense-lax vowel pairs.
Such measures (cf. 3.1 - 3.3) are taken as indicative
of the extent to which L1 phonological categories
(e.g. /iː/ - /ɪ/) are kept distinct in L2 speakers’
realisations: Euclidean distances indicate how far
apart in the acoustic space the two vowels are
realised; Pillai scores and LDA classification scores
indicate the amount of overlap between realisations
of the two vowel phonemes.
Euclidean distances in the acoustic F1-F2 space
have been used in the literature with various purposes
(comparing vowel systems of languages in [7],
measuring prosodic effects on segments in [8],
measuring L1 vowel drift in [4], etc.), but seldom as
a cue of L2 pronunciation ([15]). The Pillai score has
been used to assess the status of vowel mergers and
splits in dialectal varieties ([9]), but not as a cue of L2
pronunciation. LDA has been used extensively in the
literature for the classification of L2 vowels and
consonants ([18]), but here we propose a different
approach. The standard method consists in training an
LDA model on native vowel realisations, and then use
it to classify L2 vowel realisations: so, L2 vowels are
evaluated in reference to native vowels. Instead, we
train LDA models directly on L2 vowel realisations,
and simply use the accuracy score of the model as an
indication of the amount of overlap between
realisations of different phonological categories. We
assume that less overlap corresponds to higher
pronunciation accuracy and therefore potentially to
higher comprehensibility and nativelikeness.

Such metrics have been computed on tense-lax
vowel pairs /iː - ɪ/, /uː - ʊ/, /ɑː - æ/, /ɔː - ɒ/ on speech
of 25 French and Italian learners of L2 English. We
chose tense-lax vowel pairs because they tend to be
assimilated to the same phonological category by L1
Italian ([3]) and L1 French ([12, 15]) learners of L2
English. The values of these metrics are then
compared to more common metrics of L2
pronunciation (VOT, fluency measures) and native
judgments.
2. METHODOLOGY
2.1. Data

In order to test vowel metrics as described above, we
analysed recordings of 25 learners of L2 English from
the ICE-IPAC corpus ([1]). 15 learners (F = 11, M =
4, age = 22.3 ±2.46) were native speakers of Italian
and were recorded in a sound-proof booth at the
University of Turin. 10 learners (F = 8, M = 2, age =
22.5 ±3.44) were native speakers of French and were
recorded in a quiet room at the University of Lille. All
speakers were attending courses of English at levels
spanning B1 to C1. The recording protocol included
various tasks (word lists, text reading and dialogues).
For this study, we consider only the read-aloud task
of a newspaper article (506 words).

band lower than 5.5 kHz for women and 5 kHz for
men. Although /iː/ can be slightly diphthongised in
some dialects, it was treated as a monophthong (cf.
[5]). After the elimination of vowels marked as
hesitations, false starts and misreadings, we were left
with 6794 realisations. Raw values were then
normalised with the Watt & Fabricius method [20].
Fig. 1 shows the F1-F2 plot of the eight target
vowels for four learners. The ellipses suggest that
speakers FR3 and IT13 distinguish tense-lax vowel
pairs to some extent; conversely, tense-lax vowel
pairs mostly overlap for speakers FR05 and IT03.
Figure 1: Normalised F1-F2 plots of target vowels
for 4 speakers. Ellipses include 1 stdev. of the mean.

2.2. Data annotation

For all recordings, the canonical SBE English
transcription was generated and forced-aligned to the
signal with WebMAUS [13] at word and phoneme
levels. A thorough manual verification of the
transcription and alignment was then performed on
Praat [2]. Transcription errors were fixed; misread
words, false starts, hesitations and other disruptions
were marked for exclusion. Crucially, during the
manual step, the phonetic transcription was edited as
little as possible in order to reflect the target sounds,
not the actual realisations. For instance, the /iː/ in
Peter was transcribed as [iː] (target sound),
irrespective of the actual realisation by learners.
Neutralised vowels /i/ and /u/ were transcribed
following [21] (e.g. many as [ˈmeni]) and were not
included in the analysis of /iː - ɪ/ or /uː - ʊ/ pairs.
2.3. Extraction of acoustic parameters

In total, we analysed 95.36 minutes of L2 speech.
Duration in ms and formant values in Hz (F1 and F2)
were extracted for all realisations of the 8 target
vowels /iː - ɪ/, /uː - ʊ/, /ɑː - æ/, /ɔː - ɒ/ via an ad hoc
Praat script. Formants were extracted from the
midpoint of each vowel (cf. [17]) to minimise
coarticulation effects, using the Burg method in a
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3. ANALYSIS AND RESULTS
3.1. Euclidean distances of L2 vowel pairs

Euclidean distances were computed on the
normalised F1-F2 chart between tense-lax vowel
pairs for each speaker. For instance, we computed the
distance between the mean realisation of /iː/ and the
mean realisation of /ɪ/ for each speaker. For the four
speakers represented in Fig. 1, Euclidean distances
are shown in Table 1. The underlying assumption is
that distances within each pair will be larger for
learners who have developed phonological categories
for tense vs lax vowels (e.g. FR03, IT13), while they
will be close to zero for learners who have not yet
developed such categories (e.g. FR05, IT03).
Table 1: Euclidean distances of vowel pairs on a
F1-F2 chart for fours speakers (values are in st.
deviations, given that formants are normalised).

/iː - ɪ/
/uː - ʊ/
/ɑː - æ/
/ɔː - ɒ/

FR03
0.049
0.011
0.115
0.074

FR05
0.004
0.008
0.043
0.024

IT03
0.015
0.002
0.018
0.001

IT13
0.075
0.035
0.067
0.048

3.2. LDA classification scores of L2 vowel pairs

For each speaker, we trained four LDA models for
classifying vowels in each of the four target pairs: /iː
- ɪ/, /uː - ʊ/, /ɑː - æ/, /ɔː - ɒ/. Models were built on R
3.5.1 [15] with the MASS 7.3 library [18] on all
realisations of each speaker taking F1, F2 and
duration as predictor variables, with 0.5 prior
probability for each vowel. We then ran each model
on the same data used for training, in order to obtain
a classification accuracy score (i.e. the percentage of
realisations within each vowel pair that is correctly
classified by the model). We take this score as
indicative of the amount of overlap between
realisations of the two phonological categories within
each vowel pair: a score of 50% (chance level)
indicates a thorough overlap of the two phonological
categories in a pair, while a score of 100% indicates
no overlap. Therefore, we expect higher scores for
speakers who have developed phonological
categories for tense vs lax vowels. For example,
confusion matrices in Table 2 show that /uː - ʊ/
realisations by speakers FR05 and IT03 are more
often misclassified (discrimination is close to chance
level) than realisations by speakers FR03 and IT13:
this suggests a higher amount of overlap for these
phonological categories in speakers FR05 and IT03,
as correspondingly observed in Fig. 1.
Table 2: LDA confusion matrices for /uː/ - /ʊ/ for
four speakers.

predicted

/uː/
/ʊ/

predicted

/uː/
/ʊ/

FR03
actual
/uː/
/ʊ/
70% 43%
30% 57%
IT03
actual
/uː/
/ʊ/
53% 50%
47% 50%

FR05
actual
/uː/
/ʊ/
50% 45%
50% 55%
IT13
actual
/uː/
/ʊ/
75% 11%
25% 89%

who have not yet developed such categories (FR05,
IT03). This is confirmed by the data in Table 3.
Table 3: Pillai scores for vowel pairs produced by
4 speakers as computed within a F1+F2+duration
MANOVA.

/iː - ɪ/
/uː - ʊ/
/ɑː - æ/
/ɔː - ɒ/

FR03
0.384
0.347
0.449
0.110

FR05
0.125
0.166
0.270
0.100

IT03
0.308
0.281
0.362
0.034

IT13
0.487
0.482
0.445
0.492

3.4. Traditional L2 pronunciation metrics

As mentioned above, VOT is a standard measure of
nativelikeness ([6]). We extracted VOT for all
realisations of voiceless plosives occurring
immediately before a primary or secondary lexically
stressed vowel and not preceded by /s/. Target /p, t, k/
which were not realised as plosives or which were
labelled as hesitations or misreadings were excluded
from the analysis, leaving 749 observations (n = 204
for /p/, n = 313 for /t/, n = 232 for /k/). VOT was
measured on Praat from the burst of the plosive to the
start of periodic signal.
We also extracted fluency metrics, as these are
often used in the literature to evaluate the
pronunciation of L2 learners. We computed speech
rate (SR, in phone/sec. incl. pauses), articulation rate
(AR, in phon/sec. excl. pauses), pause/speech ratio
(PSR), and average pause length (APL, in sec.).
3.5. Native judgments

3.3. Pillai scores

Another way of measuring the overlap between vowel
categories is the Pillai score, given in the summary of
MANOVA. It has been used in sociophonetics to
account for the status of vowel mergers and splits in
groups of speakers ([8]). We computed it on
realisation of target vowel pairs of each L2 speaker,
in a MANOVA specified as F1 + F2 + duration ~
vowel. Similar to LDA scores and vowel distances,
we expect Pillai scores to be higher for participants
who have developed phonological categories for
tense and lax vowels (FR03, IT13) than for speakers
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Finally, our recordings of 25 learners of L2 English
were evaluated by native speakers. This has been
done not only because native judgments are often
used in the literature for evaluating the pronunciation
of L2 leaners, but also because we wanted to validate
the reliability of the vowel metrics under scrutiny.
Native judgments were obtained via LimeSurvey
[14] from 5 native speakers (3 Southern British
English speakers and 2 General American English
speakers) who were blind to the aim of our research.
Each participant rated the same 100 audio stimuli
extracted from the recordings (4 sentences x 25
speakers) and presented in random order. The
participants could listen to the audio samples as many
times as they wished, and provided ratings of (i)
nativelikeness and (ii) comprehensibility on separate
ten-point Likert scales. The intra-class correlation
coefficients calculated on ratings averaged over the 4
sentences of each speaker were 0.92 (CI = 0.86-0.96)
for nativelikeness and 0.94 (CI = 0.89-0.97) for
comprehensibility. For the final analysis, ratings
provided by different participants for the same learner
were averaged in order to obtain single datapoints.

3.6. Correlation analysis

4. CONCLUSION

In order to compare all pronunciation metrics and to
validate them against native judgments, we computed
the correlation matrix of all variables considered, as
shown below. Firstly, ratings of nativelikeness and
comprehensibility are very strongly correlated with
each other (R = .97), but this is no surprise. Secondly,
fluency measures (SR, AR, APL, but not PSR)
correlate strongly among them, and with native
judgments. In fact, among all the metrics considered,
they are the ones that best correlate with ratings of
both nativelikeness (R > .7) and comprehensibility (R
= .68) (all p-values < .001). On the other hand, VOT
values of /p, t, k/ surprisingly do not seem to correlate
significantly with native judgments, the highest
correlation value being between /t/’s VOT and ratings
of nativelikeness (R = .2, p = .14).
Coming to vowel metrics, LDA classification
scores correlate significantly with native judgments
of comprehensibility (R = .45 ~ .63, all p-values <
.05) and, to a slightly lesser extent, nativelikeness (R
= 0.42 ~ 0.56, all p-values < .05). Interestingly, LDA
scores for /uː - ʊ/ and /ɑː - æ/ pairs seem to correlate
most with native judgments, with R ~ 0.6 (all p-values
< .001). Pillai scores correlate strongly with native
judgments of comprehensibility and nativelikeness (R
= 0.42 ~ 0.75, all p-values < .05), except for the /ɔː ɒ/ pair (R = 0.35 ~ 0.37, all p-values < .1). Euclidean
distances show mild correlations with native
judgments, reaching statistical significance only for
/iː - ɪ/ (R = 0.42 and 0.43, p < .05 for both). The better
performance of Pillai and LDA scores over Euclidean
distances is probably due to the fact that the former
(but not the latter) take duration in consideration.
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The results of this study have shown that LDA
classification scores and, to a lesser extent, Euclidean
distances of tense-lax vowel pairs correlate
significantly with native judgments of nativelikeness
and comprehensibility for 25 speakers of L2 English.
Although the number of speakers and vowels
analysed is relatively small, we believe that these
results are encouraging. If replicated on more data,
they may provide a viable alternative to traditional
methods for evaluating L2 speech. This approach
evaluates the ability of L2 speakers to produce
distinct realisations for different phonological
categories. In other words, L2 pronunciation is
measured intrinsically, without referring to L1 speech
data. We believe that this advantage makes it a viable
solution for studies where no control data produced
by L1 speakers is available.
Finally, we would like to point out two limitations
of these metrics. Firstly, they can of course be
affected by well-known issues in formant detection
and normalisation. Secondly, they do not directly
measure pronunciation accuracy, i.e. the similarity of
L2 realisations to L1 realisations. Rather, they
evaluate L2 pronunciation intrinsically by measuring
the extent to which phonological categories are kept
apart. A learner producing the /iː/ - /ɪ/ contrast as [iː]
- [e] would be likely to score erroneously high.
Finally, these metrics are clearly less useful for L2s
with simple vowel systems, where no cases of singlecategory assimilations are likely in L2 speech.
Nevertheless, the results of our study are
encouraging, and we think these metrics deserve
further investigation.
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ABSTRACT
This paper presents results of an acoustic analysis of
a typologically rare contrast between retroflex
(rhotic) and plain vowels in Kalasha (Northwestern
Indo-Aryan, Pakistan). Formant values were
extracted from 10 oral vowels (/i˞, e˞, a˞, o˞, u˞/ and
/i, e, a, o, u/) in 72 words produced by two male
speakers of the Bumburet dialect. The results showed
that retroflex vowels are most clearly characterized
by a lower F3, which was overall lower in back
vowels and higher in front vowels. In addition,
retroflex vowels were centralized – showing a lower
F2 for /i˞/ and a higher F2 for /a˞, o˞, u˞/, compared to
their plain counterparts. The two speakers were
similar in the extent of F3 lowering but differed in
vowel centralization. While preliminary in scope, the
study provides a baseline for further investigation of
Kalasha vowels and contributes to the phonetic
typology of rhotic vowels in general.
Keywords: Kalasha, retroflex, rhotic, vowels,
acoustics.
1. INTRODUCTION
Kalasha, an Indo-Aryan language of Pakistan, has a
typologically rare set of retroflex (rhotic) vowels that
contrast with their plain (oral and nasalized)
counterparts. As shown in Table 1, all Kalasha
vowels are paired with respect to retroflexion, as well
as nasalization [21, 8, 5, 7].
Table 1: Kalasha vowel phonemes in (a) and word
examples in (b).
a.
front
central
back
close
i ĩ i˞ i˞̃
u ũ u˞ u˞̃
mid
e ẽ e˞ e˞̃
o õ o˞ o˞̃
open
a ã a˞ a˞̃
b.
V
e.g. baɡ ‘garden’, pe ‘if’
Ṽ
e.g. bãɡ (djek) ‘to poke’, wẽ- ‘upriver’
V˞
e.g. wa˞ ‘scrotum’, we˞ (hik) ‘snowed-in’
Ṽ˞
e.g. bã˞ɡ ‘suddenly’, pẽ˞ ‘palm’

segments are part of a larger phonemic retroflex/nonretroflex system, and have arisen historically through
the elision of retroflex consonants and /r/ (e.g. [aˈʐa˞i]
‘apricot’ < Old Indo-Aryan [aʂaɖʱiːja] [8]). In a
stricter phonetic sense, the vowels can be referred to
as ‘rhotic’ or ‘rhotacized’ [13]. In terms of their
articulation, they may or may not be produced with
tongue retroflexion (with both strategies being typical
of rhotic vowels; [13]). This was indirectly observed
by Heegård and Mørch [8], but the question of the
articulatory realization of the contrast requires further
investigation (see [11] for ongoing articulatory work).
Previous phonetic descriptions of the language
have noted that retroflex vowels are auditorily
centralized compared to their plain counterparts and
are acoustically characterized by a lower F3 [16, 17,
8, 5]. These observations, however, were based on
auditory impressions of the authors, supplemented by
a few illustrative spectrograms. The goal of this paper
is to provide a more systematic, albeit exploratory,
acoustic analysis of the Kalasha retroflex/nonretroflex contrast. This is done by examining
formants of ten oral vowels elicited from two native
speakers of the language. The results are further
discussed in relation to previous acoustic findings for
retroflex/rhotic vowels in other languages.
2. METHOD
2.1. Speakers

The speakers were two males in their 30s, Sikandar
Kalas (Speaker 1) and Taj Khan Kalash (Speaker 2).
They grew up in the village of Krakal [kraka˞] in the
Bumburet valley (Chitral District, Khyber
Pakhtunkwa Province, Pakistan), but at the time of
the recordings were residing in Greece. Both speakers
are multi-lingual, speaking also English, Khowar,
Urdu, and Greek. (It should be noted that
multilingualism is rather widespread in Chitral [7]).
2.2. Materials and recordings

The term ‘retroflex’ is used here to refer to /i˞, i˞̃,
u˞, u˞̃, etc./ in a general phonological sense, as these
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The word list contained 72 words with stressed oral
retroflex and plain vowels (/a, i, u, e, o/ vs. /a˞, i˞, u˞,
e˞, o˞/) based on Trail and Cooper’s dictionary [21].
Most vowels were represented by 3 to 7 words, except
for the low /a, a˞/, which occurred in a larger number

of items (see Table 2). Words with target plain vowels
were selected so that they did not contain retroflex
consonants, /r/, or retroflex vowels, as retroflexion
can be induced though local coarticulation or longdistance spread [8, 1, 2, 3].

Figure 1: F1/F2 (Hz, top) and F2/F3 (Hz, bottom)
plots showing means (symbols) and 2 standard
deviations (ellipses) for oral vowels by Speaker 1.

Table 2: Numbers of words per vowel investigated
in the study.
Plain (oral)
i
5
e
3
a
26
o
7
u
4

Retroflex (oral)
i˞
5
e˞
3
a˞
12
o˞
3
u˞
4

Each word was pronounced in isolation. On
average, two repetitions of each word were recorded,
with a total of 157 tokens for Speaker 1 and 140
tokens for Speaker 2. The recordings were made in a
quiet room in Thessaloniki, Greece (where the
speakers resided), using a Zoom H4n digital recorder
and an AudioTechnica AT831b lavalier microphone,
with a 44,100 Hz sampling rate.
2.3. Acoustic analysis

Annotation and acoustic analysis of the vowels were
performed using Praat [4]. Formants F1-F3 were
extracted at 10 equidistant points using a script and
averaged over the mid 60% of the vowel. Vowel plots
were produced using the PhonR package [14] for R
[19]. Linear mixed regressions were used to evaluate
F1-F3 differences between retroflex and plain
vowels, separately for each vowel quality.
Retroflexion was a fixed effect; Speaker and Word
were random effects. The significance value was
adjusted to 0.01 given multiple comparisons.
3. RESULTS
Figure 1 presents results for Speaker 1, with plots
showing vowel means and standard deviations in the
F1/F2 and F2/F3 space. It can be seen that retroflex
vowels are more centralized than their plain
counterparts: F2 values of central/back vowels /a˞, o˞,
u˞/ are on average higher than for /a, o, u/, while F2
values of front vowels /i˞, e˞/ are on average lower
than for /i, e/. In addition, the low /a˞/ shows a lower
F1 than /a/. Most clearly, however, retroflex vowels
are distinguished by F3: their values are typically
below 2200 Hz, while values for plain vowels are
above this threshold. F3 values decrease uniformly
from front to back vowels. The high vowels /i˞ u˞/ are
produced by this speaker with overall more variation
(larger standard deviation ellipses) than non-high
retroflex vowels.
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Figure 2 presents vowel plots for Speaker 2. The
results are strikingly similar to Speaker 1 in terms of
F3 patterns: showing the same threshold of around
2200 Hz. In terms of F2 (and F1 for /a/), this speaker
shows considerably less centralization, especially for
mid vowels /e˞, o˞/.
The results of mixed effects models largely
confirmed the observations of differences between
retroflex and plain vowels in F2 and F3. (None of the
comparisons in F1 were significant.) As shown in
Table 3, retroflexion significantly lowered F2 for
high front vowels; it significantly raised F2 for low
and high back vowels; the difference for the mid front
vowels did not reach significance. The magnitude of
F2 difference was the highest for /i/, exceeding 400
Hz.

Figure 2: F1/F2 (Hz, top) and F2/F3 (Hz, bottom)
plots showing means (symbols) and 2 standard
deviations (ellipses) for oral vowels by Speaker 2.

Table 4: Results of linear mixed effect models for
F3 (Hz); significant results are indicated with ‘*’.
Vowel Mean SE
/i/
2810 84
vs. /i˞/
-742 98
/e/
2424 84
vs. /e˞/
-397 106
/a/
2478 26
vs. /a˞/
-603 25
/o/
2395 51
vs. /o˞/ -613 63
/u/
2435 66
vs. /u˞/ -757 93

DF

t

p

13

-7.59 <0.0001 *

11

-3.76

0.0031 *

73

-24.05 <0.0001 *

19

-9.71 <0.0001 *

15

-9.10 <0.0001 *

4. DISCUSSION AND CONCLUSION
4.1. The retroflex/non-retroflex contrast in Kalasha

Table 3: Results of linear mixed effect models for
F2 (Hz); significant results are indicated with ‘*’.
Vowel Mean SE
/i/
2172 35
vs. /i˞/
-427 58
/e/
1716 28
vs. /e˞/
-73 37
/a/
1281 39
vs. /a˞/
194 37
/o/
1020 61
vs. /o˞/
188 52
/u/
819 52
vs. /u˞/
206 57

DF

t

p

13

-7.36 <0.0001 *

11

-1.95

0.0776

73

5.26 <0.0001 *

19

3.61

0.0019 *

15

3.59

0.0027 *

As shown in Table 4, retroflexion significantly
lowered F3 for all vowel qualities. The differences
ranged from about 400 Hz to 750 Hz, being the
highest for high vowels.
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The acoustic analysis of Kalasha (oral) plain and
retroflex vowels from two speakers has confirmed the
general observations reported in previous descriptive
studies [16, 17, 8, 5]: retroflex vowels are somewhat
centralized and are characterized by a lower F3,
compared to their plain counterparts. The difference
in F3 was found to be particularly robust, with
retroflex and plain vowels falling below or above the
threshold of 2200 Hz, respectively. This indicates that
F3 is the main correlate of the retroflex-plain contrast
in Kalasha.
The differences between the speakers in the extent
of the vowel centralization were unexpected. In
addition, both speakers showed no significant
difference in F2 for the front mid vowels /e˞/ and /e/.
This suggests that F2 differences for most vowel
qualities are optional, in contrast to the obligatory
differences in F3. Alternatively, the observed
variation in F2 may be attributed to language attrition,
as our speakers have lived outside the language
environment for an extended time. Given this, it is
important to confirm the findings with data from
other speakers of the language, and most importantly
from those residing in the Kalasha villages. It is also
necessary to extend the acoustic analysis to nasalized
retroflex and plain vowels (see Table 1), which were
not considered in this study.
In this paper, we examined Kalasha vowels in
relatively neutral consonant contexts – next to nonretroflex (labial, dental, palatal, and velar)
consonants. An important question remains as to what
happens to the contrast next to retroflex consonants.
Vowels in such contexts are typically transcribed as
plain (e.g. [noʂ] ‘spout’, [ɖʐaʈʂ] ‘spirit beings’ [21]);
however, it has been noted by researchers that these
vowels can be auditorily ambiguous and alternatively
transcribed as retroflex [16]. Our preliminary acoustic

examination of such cases suggested that vowels
between two retroflex consonants (e.g. [ʂiʂ] ‘head’,
[ʈoʈ] ‘apron’) tend to be phonetically retroflex (having
a steady low F3), in contrast to vowels next to a single
retroflex (e.g. [biʂ] ‘poison’, [pʰoʈ] ‘chaff’; which
show F3 transitions). Note that the former context
corresponds to the domain of (retroflex) consonant
harmony in Kalasha, by which across-vowel coronal
obstruents in roots are required to have the same place
(i.e. ʈVʈ, ʈʂVʈʂ, ʂVʂ, etc. [1, 2, 3]). The relation
between these phonetic and phonological patterns
requires further study.
A related, and equally interesting, question is the
spread of retroflex quality among neighbouring
vowels (so called ‘retroflex vowel harmony’). This
process was described in the literature as optional and
predominantly perseveratory (progressive), most
commonly affecting immediately adjacent vowels
and occasionally applying through consonants [8].
Our preliminary acoustic investigation of the
phenomenon [12] does confirm the optional ‘spread’
of F3 across multiple vowels, at least for one of the
speakers. Which specific factors condition this
process and whether it is categorical (phonological
assimilation) or gradient (phonetic coarticulation) is
still an open question.
4.2. Typology of retroflex/rhotic vowels

While adding to the phonetic documentation of
Kalasha, the current study also contributes to the
phonetic typology of the cross-linguistically rare
contrast in vowel retroflexion/rhoticity. As
Ladefoged and Maddieson [13] note, phonemic rhotic
vowels are exceedingly rare, occurring in less than
one per cent of world’s languages. Apart from
Kalasha, only one other language, Badaga
(Dravidian), has been reported to have a full set of
retroflex vowels (which were also reported to differ
in the degree of retroflexion – fully- and partlyretroflex [6]). The dialect described in the original
work, however, is no longer spoken [10, 13], and
therefore Kalasha appears to present a unique case of
a retroflex-plain contrast comprising all vowel
qualities. Notably, other cases of phonemic rhotic
vowels are limited to a much smaller subset of vowel
qualities, as, for example, in North American English
(the central /ɚ/ vowel as in bird [9]), some varieties
of Canadian French (/ø, œ, œ̃/ [15]), and Beijing
Mandarin (/ɚ, ɻ̩/ [22]).
Despite the difference in the number of
retroflex/rhotic segments, these vowels in Kalasha are
characterized by the same acoustic properties as
rhotic vowels in other languages. Like in Kalasha, /ɚ/
in English, /ø˞, œ˞, œ̃˞/ in French, and /ɚ, ɻ̩/ in
Mandarin have much lower F3 than the closest non-
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rhotic vowels. Specifically, an average F3 for the
rhotic English vowel is around 1700 Hz (for males
from Eastern Michigan [9]). The three French rhotic
vowels have F3 around 1900-2100 Hz (normalized,
for males and females [15]). The Mandarin /ɚ/ and /ɻ̩/
have average F3 values of 1800 Hz and 1950 Hz,
respectively (for male speakers [22]). While the F3
range across these rhotics is large, the values are
overall comparable to the Kalasha retroflex vowels
(where back vowels have lower F3 than front
vowels).
The Kalasha retroflex vowels, however, differ
from rhotic vowels in these languages in the extent of
vowel centralization. The English /ɚ/ is truly central,
and so are the French /ø˞, œ˞, œ̃˞/ (being similar in F2
to /a/ and rather different from /ɛ/ [15]). The
Mandarin /ɚ, ɻ̩/ are not only central, but also high (so
that /ɚ/ differs from /ə/ considerably both in F1 and
F3 [22]). This stands in contrast to the Kalasha
retroflex vowels which are only moderately or
inconsistently centralized (with a possible exception
of /i˞/), and do not differ from their plain counterparts
in height (with a possible exception of /a˞/). The
moderate degree of centralization in Kalasha retroflex
vowels can be attributed to the need to preserve the
front/back contrasts within the retroflex subset.
It should be noted that allophonic retroflex
vowels, have been reported in the nearby Indo-Aryan
language Dameli [18] and the Nuristani languages
Kati and Waigali [20]. In these languages, vowels
take on the rhotic/retroflex quality from the adjacent
/ɽ/ or /ɻ/. An acoustic investigation of such vowels is
very important and may shed light on the historical
development of Kalasha retroflex vowels, and rhotic
vowels in general.
To conclude, our preliminary phonetic
documentation of the Kalasha plain-retroflex contrast
in vowels can serve as a starting point for further
investigations of the phonetics and phonology of this
unique contrast and for a more systematic study of the
cross-linguistic typology of rhotic vowels.
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ABSTRACT

ejectives and implosives, but the majority of these
languages do not contrast ejectives and implosives
at the same place of articulation. Only a couple of
languages are reported to contrast ejectives and implosives at the same place of articulation.
This is probably because the realization of glottalic stops varies from language to language [10, 7,
1, 6], and the boundary between ejectives and implosives is not always clear. For example, the ejectives in K’iche’ are likely to be lax ejective, which
is different from the tense ejective in Tigrinya[10].
The F0 of the following vowel is higher for tense
ejectives but lower for lax ejectives. Furthermore,
implosives are typically voiced, but voiceless implosives are attested in some languages[7, 13, 12].
The actual realization of the glottalic stops is determined by a number of factors (c.f. discussions
in [10, 11, 23, 12, 14]), such as raising or lowering larynx, stiffness of the vocal folds, tightness of
the oral closure, extent of glottal constriction, size of
oral cavity, and the timing and coordination between
oral and glottal articulations. As a result, glottalic
stops can be at least divided into four subcategories,
namely tense ejectives, lax ejectives, voiced implosives and voiceless implosives [10, 7, 12, 13, 23, 8].
In Mayan languages, glottalic stops are generally ejectives, but bilabial (and sometimes uvular)
glottalic stops can vary between implosives and
ejectives[5, 4, 3, 19, 9, 22]. This variation can happen across different language varieties and different speakers, and all the four subcategories of glottalic stops can be the possible variants. Moreover,
Pinkerton[16] found that the bilabial glottalic stop
can even vary within the same speaker, based on different phonetic contexts. Therefore, it is quite possible that the variation of glottalic stops is continuous
rather than categorical.
To better understand the range of variation of
glottalic stops in Mayan languages, it is important
to systematically study the contextual variation of
these sounds. However, few such studies have been
undertaken (only [2]). Moreover, since acoustic cues
for glottalic stops are rather ambiguous, it is desired
to use aerodynamic data to examine the phonetic realization of the glottalic stops. However, again aerodynamic data was only reported in [20, 16]. To date,

Although distinct in both aerodynamic and articulatory properties, ejectives and implosives are rarely
contrastive in languages. The realization of glottalic stops is also highly variable across languages
and speakers, due to the complex coordination between laryngeal and supralaryngeal articulations. It
is therefore important to understand the range of
variation and the articulatory target of the glottalic
stops. Like other Mayan languages, the glottalic
stops in Q’anjob’al vary between implosives and
ejectives. This study aims to test whether the phonetic realization of glottal stops in Q’anjob’al systematically varies based on phonetic context. Examining both aerodynamic and acoustic measures, we
found that 1) glottalic stops are mostly distinguished
from plain stops by glottal constriction (not the direction of airflow), and that 2) word-initial glottalic
stops are more ejective-like while word-medial glottalic stops are more implosive-like. This study supports the hypothesis that variation of glottalic stops
is continuous and conditioned by phonetic context.
Keywords: Q’anjob’al, Mayan languages, glottalic
stops, aerodynamics, articulation
1. INTRODUCTION
By definition, implosives and ejectives are quite distinct from each other in terms of both aerodynamics and glottal gestures. For example, implosives involve negative oral pressure, ingressive airflow and
lowering of the larynx; whereas ejectives are produced with strong positive oral pressure, egressive
airflow and raising of the larynx[12]. Implosives
and ejectives in theory should also have distinctive
acoustic characteristics. For example, ejectives are
associated with strong release burst, long positive
voice onset time, and higher F0, while implosives
are usually voiced and lower in F0.
However, based on the survey of WALS [21], it
is typologically rare to have both types of glottalic
stops in the same language. Out of 567 languages in
the database, it is not uncommon to have either type
(57 languages have only ejectives, and 55 have only
implosives). However, only 13 languages have both
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no study has systematically investigated the contextual variation of glottalic stops with aerodynamic
data.
Q’anjob’al is a member of the Q’anjob’alan
branch of the Mayan language family. It is spoken
primarily in Guatemala and part of Mexico. Like
other Mayan language, the bilabial glottalic stop in
Q’anjob’al also varies. During the elicitation sessions, we observed that our speaker sometimes produced more implosive-like stops, but other times
produced more ejective-like stops. This study aims
to test whether the phonetic realization of glottal
stops in Q’anjob’al systematically varies based on
phonetic contexts using both acoustic and aerodynamic data.

tion of oral closure (beginning of the building up of
the oral pressure to the beginning of the oral release),
the duration of glottal closure (beginning of the oral
release to the beginning of the glottal release, usually the onset of voicing), and the duration glottal release (beginning of the glottal release to the plateau
of the oral flow, also indicated by creaky voice in the
audio signal).
Moreover, two important aerodynamic measures
were extracted: maximum oral pressure during oral
closure and maximum oral flow at oral release. The
maximum oral flow is a more reliable measure than
burst energy from the audio signal. Since we only
care about the relative variation across phonetic contexts, for both oral pressure and flow, the relative
amplitudes (range between -1 and 1, with zero as the
default) were used for analysis without calibrating
them into actual height of water and liter/sec values.
In addition, as an important indicator of the glottal articulation, the F0 onset of the following vowels was also measured with the autocorrelation algorithm in Praat[17].

Figure 1: Segmentation and the timing of the articulatory events. (Channel 1= audio; channel 2=
oral flow; channel 3= oral pressure)

3. RESULTS
oral closure

glottal closure glottal release

0

Linear regression models were constructed to evaluate context effects on each phonetic measure. Stop
categories (glottalic vs. plain), word position (initial, medial and final) and following vowels (front
vs. back) as well as their interactions were set as the
predictors. The general effects of categorical factors were summarized with anova function in R[18].
Due to limited space, only significant effects are reported here.

vowel
0.3317

Time (s)

2. METHODS
2.1. Data

Simultaneous audio, oral flow and oral pressure data
were collected from a native Q’anjob’al speaker (female, 26 years old at the time of data collection)
through PCquire[15]. A wordlist containing /b’/
(we follow the convention of transcribing the bilabial glottalic stop in Q’anjob’al here to indicate
the abstract phonological category) and /p/ were retrieved for elicitation. The wordlist was designed
to test several phonetic contexts: 1) position in the
word: word-initial, word-medial and word-final; 2)
surrounding vowels (both preceding and following):
/a/,/o/,/e/,and /i/. A total number of 417 Words containing bilabial stops were confirmed and produced
by the speaker. Each word was repeated three times.

3.1. Oral pressure during closure

Max Oral Pressure

Figure 2: Maximum oral pressure during oral closure.
0.75
Stop

0.50

b'
p

0.25
0.00
initial

medial
position

final

Word position has significant effects on the oral
pressure of the stops (F(1, 424)=32.857, p<0.01)
, and the interaction between word position and
stop categories is also highly significant ( F(2,
423)=67.925, p<0.01). As illustrated in Fig. 2, com-

2.2. Measurements

The timing of oral and glottal events were carefully
measured based on both audio and aerodynamic signals. As indicated in Fig. 1, we measured the dura-
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pared to /p/, oral pressure during closure is generally
greater for /b’/. The difference between /b’/ and /p/
is especially large at the word-initial position, but
not significantly different at the word-medial position.

3.4. Timing of oral and glottal articulation

The timing of oral and glottal articulation also varies
in different phonetic contexts. Significant main effects of word-position and interaction between word
position and stop categories are found for both
glottal closure duration (main: (F(2,407)=144.93,
P<0.01); interaction: (F(2,407)=48.62, P<0.01)) and
glottal release duration (main: (F(2,407)=95.205,
P<0.01); interaction: (F(2,407)=8.683, P<0.01)). As
shown in Fig. 5, the duration of glottal closure is
generally longer for the glottalic stop, but the difference between /b’/ and /p/ is smaller at the wordmedial position. Initial /b’/ has the longest glottal closure, followed by final /b’/, and medial /b’/
has the shortest glottal closure. By contrast, Fig. 6
shows that, for /b’/, the duration of glottal release
(i.e., the time for achieving full glottal release) is
longest at the word-medial position, but shortest at
the word-initial position.

3.2. Oral flow at the oral release
Figure 3: Maximum oral flow at the oral release
b'

p

Max Oral Flow

0.75
0.50
Following V

0.25

front
back

0.00

−0.25
initial

medial

initial

medial

position

Maximum oral flow at the oral release is
significantly conditioned by word positions
(F(1,285)=302.81, p<0.01) as well as the following
vowel (F(1,285)=14.975, p<0.01). The interactions
are also significant (F(1,285)=6.760, p<0.01). As
shown in Fig. 3, /b’/is produced with a strong positive oral flow at the word-initial position, especially
when it is followed by front vowels (e.g, /i/ or /e/).
Conversely it is produced with a negative flow at the
word-medial position, especially followed by back
vowels (e.g., /o/ and /a/)

Glottal Closure

Figure 5: Duration of glottal closure

Figure 6: Duration of glottal release
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Figure 4: F0 of the following vowel
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Fig 5 and 6 together suggest that the alignment
between voicing and glottal constriction varies substantially by the position in the word. For wordinitial /b’/, it takes much longer to start voicing, but
much less time to reach full glottal release. By contrast, voicing starts relatively early for word-medial
/b’/, but glottal release time is longer. As a result,
there is a considerable portion of creaky voice at the
onset of the following vowel. Or in other words,
there is creaky voicing release.
Fig. 7 shows the total duration of glottal constriction by adding up the duration of glottal release and
glottal closure. /b’/ generally has a longer duration

150
initial
medial
position

F0 perturbation effect in the vowel following the
bilabial glottalic tops is also significantly affected by
the word positions (F(1,377)=52.828, p<0.01), and
there is a significant interaction between word position and stop categories(F(1,377)=17.638, p<0.01).
As shown in Fig. 4, the F0 of the following vowel
is greater for /b’/ at the word-initial position, but
greater for /p/ at the word-medial position.
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Position
word-initial
word-medial
word-final

Table 1: Summary of the contextual variation of /b’/.
Glottal closure Glottal release Oral pressure Oral flow
long
short
positive
strongly positive
short
long/creaky
positive
weak positive/negative
medium
medium/long
positive
positive

tive oral pressure and positive airflow. The positive
oral pressure and oral flow is especially strong for
word-initial position. But importantly, it is possible
for our speaker to produce the sound with a negative
airflow at the oral release for the word-medial /b’/,
especially when the following vowel is low-back /a/.
Compared to the word-initial /b’/, the wordmedial /b’/ is produced with a slightly less tight glottal closure, and thus the glottal release is often very
early, sometimes even before the oral release. Meanwhile, the larynx is lowered during the oral closure
(especially when followed by /a/), so the oral pressure is reduced quickly, and at the time of oral release, the oral flow is either weakly positive or even
sometimes negative. In other words, word-medial
/b’/ can be sometimes a (creaky-voiced) implosive
and sometimes a lax ejective.
To determine which phonetic correlates contribute to the stop contrast between /b’/ and /p/ the
most, a logistic regression with both forward and
backward step-wise variable selection was run with
all the measures discussed in the previous section.
The result is summarized in Table 2. Two measures
were selected by the model: glottal constriction and
glottal closure. Neither aerodynamic measures nor
F0 of the following vowels were selected by the
model. Therefore, it is confirmed that the most important distinction between glottalic stops and plain
stops in Q’anjob’al appears to be the extent of glottal constriction, and glottalic stops generally have a
more constricted glottis. The actual cues of glottal constrictions vary with contexts: it is indicated
by a long and complete glottal closure word-initially
and word-finally, but realized as creaky voice wordmedially. The actual realization of aerodynamics
and F0 perturbation is heavily determined by phonetic contexts, and so not reliable cues for the native
speakers.
Finally, we speculate that glottal constriction is
also the most important phonetic properties for glottalic stops in other languages as well. Due to the
complex coordination between laryngeal and oral articulations, the airstream and timing of oral release
and glottal release are highly variable across different contexts, different speakers and different languages.

Glottal Constriction

Figure 7: Overall duration of glottal constriction
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Figure 8: Duration of oral closure
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Stop
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of glottal constriction than /p/. Moreover, /b’/ is produced with the most glottal constriction at the wordinitial position and with the least glottal constriction at the word-medial position. Finally, as shown
in Fig. 8, the duration of oral closure is generally
shorter for /b’/, but this difference is only significant
at the word-initial position.
Table 2: The output of logistic regression model.

(Intercept)
glottal closure
glottal constriction

Estimate
-2.78
-3.96
-2.65

F0 of the following V
higher than /p/
lower than /p/
–

SE z value Pr(>|z|)
0.59 -4.72 <0.001
0.85 -4.65 <0.001
0.42 -6.29 <0.001

4. DISCUSSION AND CONCLUSION
The contextual variation of /b’/ is summarized in
Table 1. The overall finding of this study is that
the phonetic realization (i.e., airstream, F0 perturbation, and timing of oral and glottal release) of the
bilabial glottalic stop is rather gradient and highly
dependent on the phonetic contexts. The bilabial
glottal stop for our speaker is generally an ejective,
since this sound is most often produced with posi-
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ABSTRACT
Articulatory and motor perception theories
hypothesize that listeners recover underlying
articulatory information when mapping acoustic
speech signals to phonetic categories. To test certain
paradigms of this hypothesis for Canadian English
sibilants, we acoustically manipulated /s ʃ/ such that
the manipulated phonemes were supposedly
articulatorily cued as the original sibilants but
acoustically cued as the alternative sibilants (i.e. /s/
as /ʃ/ and /ʃ/ as /s/). Results of a forced-choice
perception experiment showed that switching
phoneme identification strongly depends on the
underlying sibilant category: Listeners identified
acoustically /s/-like /ʃ/ completely as the alternative
sibilant /s/, however acoustically /ʃ/-like /s/ only at
chance level as the alternative sibilant /ʃ/. We
conclude that, although acoustic information
dominates the identification process for the tested
sibilants, additionally articulatory information seems
to be recovered, however in dependence of the
underlying phonetic category (i.e. in this case
restricted to alveolars). Different explanations are
proposed for the observed imbalance.
Keywords: fricative perception, sibilant acoustics,
articulation, Canadian English, sibilants
1. INTRODUCTION
1.1. Acoustic versus articulatory speech perception
theories

One of the crucial tasks in speech perception is the
mapping of the acoustic signals onto the underlying
phonetic categories in listeners’ minds. Different
speech perception theories have been proposed to
explain how listeners accomplish this mapping.
Classically, the two major groups of theories are
acoustic theories and articulatory theories (for
recent review, see [17] and [5]). The major
difference between acoustic and articulatory theories
lies in whether mental representations of phonetic
categories are acoustic or articulatory in nature. For
acoustic theories, such as e.g. Acoustic Invariance
Theory [1, 2, 3] and the Adaptive Variability Theory
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[11, 12], acoustic information on its own is
sufficient for successful mapping. For articulatory
theories, such as Motor Theory [13, 14] and DirectRealist Theory [4], there are intermediate processes
that recover articulatory information from acoustic
signals, thus listeners ultimately rely on articulatory
information to identify phonetic categories.
There has been an ongoing debate on whether
articulatory information is, indeed, recovered in the
process of phonetic category identification. While
some researchers believe that recovering articulatory
information is unnecessary (e.g., [16]), others
support an articulatory account of speech perception
(e.g., [5]). Our study aims to provide additional
empirical evidence to fuel this debate by examining
the perception of manipulated sibilant fricatives.
1.2. Acoustics of sibilants

Previous acoustic studies have identified acoustic
cues that can be used to distinguish sibilants
produced with different places of articulation (for an
overview, see [8]). The two main acoustic
measurements, restricted to the fricative noise, are
the frequency location of the highest spectral peak(s)
and the center of gravity (COG). The highest
spectral peak location is a specific range of
frequencies at which the highest amplitudes occur,
i.e. the frequencies where the sibilants’ acoustic
energy is strongest. This frequency region is almost
exclusively determined by the size of the anterior
cavity (or front cavity) that defines the place of
articulation for a given sibilant. In contrast, the COG
measurement is the mean of the overall distribution
of energy spread over all frequencies.
If we compare the type of information each of the
two measures represents, the location of the highest
spectral peak is more related to the articulatory
(place of articulation) information since it is
primarily determined by the size of anterior cavity
and thus by the most important articulatory setting
(i.e. place of articulation). COG is also partially
determined by the size of the anterior cavity, but,
most importantly, also heavily influenced by
acoustic energy occurring outside the frequency
range of the highest spectral peak. As an example,
increasing the (laryngeal) source strength strongly

excites energy in frequency regions outside the main
spectral peak, mainly in higher frequency regions,
and thus significantly influences COG computation.
On the other hand, COG measurements give an
overall representation of the energy distribution over
all frequencies and thus defined by the sibilant’s
overall spectral shape. If we aim to relate these two
acoustic measurements to the perceptual domain,
then the highest spectral peak location(s) provides a
measure for articulatory information (i.e. front
cavity location and thus place of articulation), and
COG a measure of the overall acoustic
representation of the produced sibilant.
1.3. Perception of sibilants

We are interested in how sibilant identification may
be influenced by manipulations of acoustic
information available in the spectral distribution of
fricative noise. We acoustically altered /s/ and /ʃ/ so
that the acoustic shape of the manipulated sibilants
becomes very similar to their sibilant alternatives
(i.e. the alternative sibilant of the manipulated /s/
resembles a prototypical /ʃ/, and the alternative
sibilant of the manipulated /ʃ/ a prototypical /s/),
while keeping the underlying articulatory
information (based on the front cavity information)
constant. This should create an auditory confusion
based on available acoustic information, namely that
the manipulated /s/ acoustically resembles a
prototypical /ʃ/, and the manipulated /ʃ/ a
prototypical /s/. Our hypothesis is that if listeners,
indeed, only rely on acoustic information, they
should completely switch identification (from /s/ to
/ʃ/ and /ʃ/ to /s/) because the manipulated sibilants
were acoustically highly similar (and thus
confusable) to their alternative sibilants. However, if
listeners are able to rely on the recovery of
articulatory information of the (acoustically
unaltered) primary spectral peaks, such a switch
would not occur because the underlying original
sibilants, but not the acoustically manipulated part,
would be responsible for the building of the
perceptual construct. Previous research suggests that
English listeners mainly use fricative noise as the
primary acoustic cue (e.g., [6] [7] [10]). Therefore,
and in order to avoid any perceptual influence of
preceding and/or following vowel formants, we used
isolated fricatives for the perception experiment.
2. METHODS
2.1. Stimuli

The stimuli were recorded by a female native
speaker of Canadian English (GTA region, Southern
Ontario, Canada). Pseudowords in a VCV structure,
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[asa] and [aʃa], were recorded, and the most
prototypical items (based on native listener
perception) were selected for further processing. The
pure fricative noises of /s/ and /ʃ/ were extracted
from their vocalic contexts and normalized in length.
These normalized tokens were then manipulated
with the goal to alter acoustic information while
keeping underlying articulatory information as
identical as possible. The overall spectrum of a
manipulated sibilant was manipulated to become
extremely similar to the spectrum of their
prototypical alternative sibilant (i.e. the sibilant
produced at the alternative place of articulation;
prototypical /ʃ/ for manipulated /s/, and prototypical
/s/ for manipulated /ʃ/), while the spectral peak
location representing the anterior cavity in the vocal
tract configuration remained identical. Most
importantly, the spectra of manipulated /s/ would be
identical to the prototypical /ʃ/, and spectra of
manipulated /ʃ/ would be identical to a prototypical
/s/. Thus, only based on spectral (acoustic)
information, a prototypical sibilant and its
manipulated alternative sibilant were made to be as
identical and thus perceptually confusable as
possible, whereas the underlying articulatory
information of the two stimuli was still contrary and
thus possibly perceptually contrastive.
The frequency range of each sibilant was divided
into two sub ranges divided at the frequency of 5
kHz, in our acoustic data (and based on [18] the
frequency midpoint between the main spectral peaks
of /s/ (around 7 kHz) and /ʃ/ (around 3 kHz)). We
defined this 5 kHz point as the division between
relevant and irrelevant frequencies with respect to
the articulatory front cavity resonances. Relevant
frequencies represent the frequency ranges where
the prototypical highest spectral peaks appear, and
irrelevant frequencies represent all other frequency
ranges. For the /s/ phoneme, relevant frequencies are
above 5 kHz and irrelevant frequencies below 5
kHz, all seen with respect to the front cavity
resonance region. However, these regions are
switched for /ʃ/: relevant frequencies are here below
5kHz and irrelevant frequencies above 5 kHz. Note
that the frequency range above 5 kHz also includes
frequencies above 10 kHz (up to Nyquist frequency).
For each sibilant, we created an acoustic
continuum with seven steps by amplifying either
relevant or irrelevant frequencies by different
amplitudes. Frequencies to be amplified were
filtered with the Waves Linear Phase Equalizer
Filter using an professional audio engineering highaccuracy shelving filter (V-Slope high-shelf and VSlope low-shelf). All acoustic stimuli were then
RMS amplitude normalized using European
Broadcasting Union’s (EBU) loudness standards to

ensure that perceived loudness was identical across
all manipulated stimuli. Table 1 summarizes the
manipulations for each step.

perception different from other participants (e.g.,
Polish vs. English listeners in [19]).
The experiment was run as a (perceptual)
phoneme identification task. For each trial,
participants were presented with an isolated fricative
noise sound: either one of the prototypical sibilant
phonemes or any variant of the acoustically
manipulated stimuli (see 2.1.). Listeners were then
asked to identify the stimulus as either /s/ or /ʃ/ as
accurately and fast as possible in a forced-choice
identification2. There was no time limit for each
trial, the ISI was 1.5 s. We excluded responses over
2.5 standard deviations for each listener. There was
a practice session with 10 selected stimuli. In total
each participant was presented with 112 stimuli (8
repetitions of the complete continuum, each
continuum consisting of 14 stimuli (7 /s/ stimuli + 7
/ʃ/ stimuli).

Table 1: Manipulation summary (stimulus steps)
Step

1

2
Relevant
/s/: above 5kHz
/ʃ/: below 5kHz
24
12
dB
dB

Amplified
Frequencies
Degree of
amplification

3
-Natural;
Prototype
--

4

5
6
7
Irrelevant
/s/: below 5 kHz
/ʃ/: above 5 kHz
12
24
36
48
dB dB
dB dB

Figure 1 compares the spectra of the prototypical
sibilants (left panels) with the endpoint of their
manipulated spectra (step 7 in table 1). As can be
seen, the overall spectral energy distribution of
prototype /s/ (lower left panel) and manipulated /ʃ/
stimulus (upper right panel) are very similar.
Likewise, the overall spectral energy distribution of
prototype /ʃ/ and manipulated /s/ are very similar.
In sum, the overall spectral shapes of the
manipulated stimuli closely resemble those of their
natural alternative sibilants and thus should be
acoustically confusable when presented in a
perceptual identification task.
sh
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Figure 1: Comparison between prototypical
recorded stimuli (/s/ and /ʃ/, left panels) and the
acoustically manipulated stimuli with +48dB
amplification (step7 in table 1) of the irrelevant
frequencies (right panels).
2.2. Participants and experimental procedure

We recruited 32 native speakers of Canadian
English. They were undergraduate students who
received course credit for participation. All of them
reported normal hearing. Due to the special location
of McMaster University (Ontario) none of the
listeners was monolingual1, however we excluded all
participants that had knowledge of languages with a
three-way voiceless sibilant contrast (e.g., Mandarin
or Polish) as such linguistic experience may result in
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Figure 2 shows, over all listeners, the mean
probabilities of /s/ responses for all continuum steps
described in 2.1, split by underlying stimulus
identity /s ʃ/. As expected, the underlying /s/ and /ʃ/
stimuli (the prototypical stimulus, step3) and the
manipulated stimuli with amplified relevant
frequencies (step1, step2) were perceived as the
original underlying sibilants (i.e. /s/ stimuli
perceived as /s/ and /ʃ/ stimuli as /ʃ/).
Increasing the amplification of irrelevant
frequencies (steps 4 to 7) led to a shift of listener
responses towards the alternative sibilant (i.e. /s/
stimuli as /ʃ/ and /ʃ/ stimuli as /s/), thus introducing
phoneme identity shift. However, here we observed
an imbalance of the shifting magnitude towards the
alternative phoneme based on the underlying
phoneme identity: Whereas for the manipulated /ʃ/
stimuli at step 6 and step 7 the presented stimuli
were reliably identified as the alternative sibilant /s/
(i.e. 100% as /s/), that behavior could not be
observed for the manipulated /s/ stimuli: For this
phoneme, listeners did not switch perception to the
alternative sibilant but rather identified the stimuli at
chance level (around 50%). In other words, there
was a complete phonetic categorical switch for the
underlying /ʃ/ stimuli (from /ʃ/ to /s/), but not for the
underlying /s/ stimuli. This lack of phoneme shift is
remarkable since the acoustic spectral distribution
was extremely similar to a prototypical /ʃ/ sound
(see figure 1). In sum, although our manipulation to
amplify irrelevant frequencies influenced the
listeners’ identification of both sibilants to some
extent, its effect on the two sibilants was not
symmetric and the underlying articulatory structure
16

16

of the sibilant does seem to play a role here, leading
to this perceptual asymmetry.
To statistically verify whether the manipulated
sibilants with amplified irrelevant frequencies were
perceived significantly different compared to the
prototype stimuli of their alternative sibilants, we
compared the proportions of /s/ and /ʃ/ prototype
responses to those for the manipulated stimuli with
amplified irrelevant frequencies (step 7) of the
alternative sibilant. There was no significant
difference between the prototypical /s/ and
manipulated /ʃ/ stimuli (step7), t(31) = 0.329, p =
0.745, suggesting that the manipulated /ʃ/ stimuli
were perceived similarly as the natural /s/ stimuli. In
contrast, the comparison between the prototypical /ʃ/
and manipulated /s/ stimuli showed a significant
difference, t(31) = -6.211, p < .001.

Figure 2: Probabilities of /s/ identifications (yaxis) against presented stimulus continuum (xaxis). The original recorded sibilant (/s/ or /ʃ/) is
step 3, amplified relevant frequency stimuli are
steps 1-2, and increasing amplification of
irrelevant frequency regions are steps 4-7. See
table 1 and text for further details.

Follow-up study: Since we divided the acoustic
frequency range at 5 kHz to create one frequency
region for acoustic manipulation below 5 kHz
and one region above 5 kHz, acoustic
information above 10kHz might have influenced
identification decisions. In order to exclude this
influence of residual high frequencies on
listeners’ sibilant identification we ran a followup pilot study (10 listeners) where we
categorically filtered out all acoustic energy
above 10kHz. All other parameters were identical
to the previously described experiment. Results
showed that identification results were identical
(and the imbalance even stronger) to the previous
experiment, thus showing that residual energy
was not the reason for the perceptual imbalance.
4. DISCUSSION
Our results show that the acoustic manipulation of
irrelevant frequencies influences the identification
of voiceless sibilants, but in dependence of the
underlying sibilant category: whereas identification
of underlying postalveolar sibilants completely
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switches to the alternative sibilant, underlying
alveolar sibilants largely resist the perceptual
category shift. We now present two explanations for
the observed perceptual imbalance.
Acoustic plus articulatory account: According
to our original research hypothesis, manipulating
acoustic information while maintaining articulatory
information should allow the listeners to recover
articulatory
information
(i.e.
vocal
tract
configurations) for identification and disregard
acoustic variation. In line with this hypothesis, an
acoustic plus articulatory account claims that
listeners indeed recover articulatory information, but
this articulatory information is restricted to certain
phonemes and does not expand to other phoneme
categories. One reason why articulatory information
would only influence /s/ (but not /ʃ/) identification is
that different articulatory gestures are active
comparing /s/ and /ʃ/: /ʃ/ is often produced with
secondary articulation (i.e. lip rounding) in English
and other languages, thus making the process of
reliably extracting articulatory information more
complicated, and thus more difficult than for /s/
without secondary articulatory configuration.
Universals and phoneme frequency: Another
reason for the influence of articulatory information
being restricted to /s/ identification could be that /s/
is generally favored in identification due to
frequency effects. Ladefoged and Maddieson [9]
showed that alveolar /s/ is much more common than
postalveolar /ʃ/ in the world’s languages (/s/: 85% of
the examined languages; /ʃ/: 46%). There might be a
universal reason why the production and/or
perception of alveolar sibilants is generally preferred
over postalveolars, and that preference, be it
acoustic, articulatory or perceptual, could be the
reason for the observed imbalance.
However, without considering articulation and
the extraction of articulatory information we do not
believe the last explanation is probable. As
described, the acoustic spectra of the prototype
(step3) and strongly manipulated alternative sibilants
(step7) were extremely similar. All purely acoustic
explanations would fail to explain how the
underlying sibilant phoneme category (/s/ in this
case) influenced our listeners to identify these
acoustically extremely similar stimuli differently
(comparing identification of strongly manipulated /s/
and prototype /ʃ/). Therefore, we consider the first
explanation the most likely to explain our results:
articulatory information anchors identification for
alveolar, but not postalveolar sibilants. Follow-up
experiments with more speakers and other phoneme
categories will provide more data to solidify an
explanation.
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English was the first and dominant language for all
speaker. The definition of native English was being born
or arrived in Canada (non-French part) before the age of
five. Most listeners had French as L2 and some listeners
had knowledge of Spanish, Italian or Hindi.
2
In the full perception experiment, the isolated fricative
noises (reported in this paper) were mixed with VCV
stimuli (C=sibilant), so listeners were able to identify the
sex of the speaker based on the presented vowel (V_V)
information. It is assumed here that listeners judged the
sex of the speaker for the isolated fricative noises
identical to the intermittent vowels, thus corresponding to
female sibilant productions [15]. The data for the VCV
sequences will be reported elsewhere. Our female speaker
self-identified as female.
1
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ABSTRACT
This study investigates the relationship between the
phonotactic patterns of word-initial biconsonantal
sequences and morphological complexity. In a
sample of 32 unrelated languages, the common claim
that the phonotactic patterns of heteromorphemic and
tautomorphemic consonant clusters are structurally
different from one another is tested. Specifically, the
manner of articulation patterns of heteromorphemic
and tautomorphemic word-initial biconsonantal
sequences are analyzed and compared.
While some crosslinguistically frequent shapes are
more likely to occur in heteromorphemic contexts,
heteromorphemic patterns are in fact more restricted
than tautomorphemic patterns in a number of other
ways. They are less numerous and diverse, both
within and across languages. Additionally,
typologically rare and purportedly “dispreferred”
word-initial consonant sequences are likely to occur
in solely tautomorphemic contexts in the sample.
Four general language types are identified according
to interactions between the patterns of word-initial
CC inventories and morphological complexity.
Keywords: consonant phonotactics, phonological
complexity, phonological typology, morphology
1. INTRODUCTION
It has long been known that morphology can play an
important role in phonotactic complexity: for
example, in English and many other languages, the
largest tautosyllabic consonant clusters arise through
inflection and other morphological processes. This
observation motivates a common assumption that
morphologically derived phonotactic patterns are
structurally different from those which occur within
morphemes. Following from this, many typological
studies of the sequencing properties of consonant
clusters have excluded morphologically complex
patterns altogether [12], [16], [19].
A recent line of research beginning with [8]
investigates the patterning of tautomorphemic
(morpheme-internal)
and
heteromorphemic
(morphologically
complex)
clusters
within
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languages. Fine-grained analyses of complex cluster
inventories from this perspective have revealed that
tautomorphemic and heteromorphemic clusters tend
to correspond to universally “preferred” and
“dispreferred” shapes, respectively [9], [20].
However, because the languages examined thus far
are limited to a small collection of well-studied and
(Indo-)European languages, it is unclear whether
these results are representative of global patterns.
2. RESEARCH QUESTIONS
The present study moves toward establishing a
crosslinguistic baseline for the interaction between
consonant
phonotactics
and
morphological
complexity. In particular, it seeks to establish whether
(i) there are robust crosslinguistic differences
between the most frequent tautomorphemic and
heteromorphemic sequences, and (ii) whether there
are any sequences, across languages, which occur
predominantly in one morphological context or the
other.
Additionally,
(iii)
language-internal
inventories are examined to determine whether those
with
solely
tautomorphemic,
solely
heteromorphemic, or both morphological patterns
tend to differ from one another structurally, with an
aim towards (iv) identifying some general language
types on the basis of the patterns observed.
These issues are examined in a genealogically and
geographically diversified language sample. The
current study is limited to word-initial biconsonantal
(CC) sequences, as such structures are
crosslinguistically the most frequent type of
tautosyllabic cluster [17]. Further, the analysis is
limited to an examination of the manner of
articulation patterns within these sequences. While
the analysis presented here is coarser-grained than
those of [9], inter alia, such abstractions are
necessary in order to establish patterns on a broad
crosslinguistic scale.
3. METHOD
3.1. Language sample

The language sample consists of 32 unrelated
languages with word-initial CC sequences (Table 1).

Table 1: Language sample. T = tautomorphemic, H = heteromorphemic

Languages were selected on the basis of availability
of reference material with comprehensive
descriptions of phonotactic patterns and their
morphological properties, and/or access to language
specialists for consultation regarding specific
patterns. The language sample is stratified so that half
of the languages have word-initial CC patterns in
solely tautomorphemic contexts, while the other half
have at least some of these patterns in
heteromorphemic contexts. Languages with only
heteromorphemic word-initial CC patterns are
relatively rare in the sample (4 languages), reflecting
their generally low crosslinguistic frequency; it is
more common for both morphological patterns to be
present in CC inventories (12 languages).
The classifications listed under the heading
“Type” in Table 1 result from post hoc analyses and
will be defined in Section 5.

coded as NN. Thus the results reported here concern
both phonotactic structure and phonetic substance.
Each shape was coded for the morphological
contexts it is attested to occur in. For example, the PP
shape in Western Balochi [2] is always
heteromorphemic, occurring when the Subjunctive
prefix attaches to a P-initial stem: /b-ɡuʃ/ [bɡuʃ]
‘SUBJ-tell.PRES’. For a shape to be counted as
occurring in both morphological contexts, it was not
necessary that the sequence match exactly: for
example, FG in Filomeno Mata Totonac [18] is coded
as occurring in both morphological contexts on the
basis of patterns /swaká/ [swaká] ‘s/he grinds
(coffee)’ and /ʃ-júx-ma/ [ʃjúxma] ‘PAST-fall-PROG’.
The heteromorphemic patterns observed in the
language sample include single-consonant prefixes
and proclitics in combination with initial stem
consonants, or occasionally with another prefix.
4. RESULTS

3.2 Data collection and coding

A comprehensive inventory of native word-initial CC
sequences was gathered from the reference materials
for each language. Each sequence was coded for the
manner of articulation of its component consonants
according to these categories: N = nasal stop; P =
stop; A = affricate; F = fricative; G = central
approximant; D = tap/flap; R = trill; L = lateral
approximant. Lateral fricatives were classified as F
and lateral affricates were classified as A. Sequences
involving glottal stops or fricatives were excluded
from the analysis.
The coding reflects the phonetic realization of the
CC sequence: the shape of the initial sequence in
Balanta-Ganja /b-ɲɛ́fɛ̀/ [mɲɛ́fɛ̀] ‘CL-belly’ [7] is
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4.1 Frequent shapes and morphological context

There are 14 word-initial CC shapes which occur in
one-third or more of the languages of the sample.
These are listed in Table 2 in order of the frequency
in which they occur in each morphological context.
Frequency is calculated as the number of languages
with the shape in the given morphological context,
divided by the potential number of languages which
could have that pattern: that is, those with the relevant
consonant types in their phonetic/phoneme
inventories and the given morphological context in
their word-initial CC inventories.

Table 2. Distributions of most frequent shapes.
Tautomorphemic
freq
(%)
PL
17/22
(77%)
FL
14/20
(70%)
PG
19/28
(68%)
FG
16/26
(62%)
FP
16/26
(62%)
FN
13/26
(50%)
AG
11/23
(48%)
PF
11/26
(42%)
NG
11/28
(39%)
NF
9/26
(35%)
NP
9/28
(32%)
PN
9/28
(32%)
PP
8/28
(29%)
FA
5/23
(22%)

4.3 Inventory properties by morphological context

Heteromorphemic
freq
(%)
PF
12/15
(80%)
PG
11/16
(69%)
PP
11/16
(69%)
NF
10/15
(67%)
FA
7/11
(64%)
NP
10/16
(63%)
FP
9/15
(60%)
PL
7/12
(58%)
FG
8/15
(53%)
FN
8/15
(53%)
PN
7/16
(44%)
NG
6/16
(38%)
FL
4/11
(36%)
AG
2/11
(18%)

Most of the frequent shapes corresponding to
sonority plateaus or reversals violating the Sonority
Sequencing Principle (SSP, [6], [15]) – PP, PF, FA,
NP, and NF – do occur with higher frequency in
heteromorphemic contexts, as predicted by [9], [20],
inter alia. Within this moderate data set, only the
morphological trends for the PF, PP, and FA shapes
are statistically significant (in Fisher’s exact test).
The FP shape, which is often argued to have special
phonological status [19], [22], occurs with similar
frequencies in both morphological contexts.
Interestingly, fewer than half of the frequent
shapes corresponding to traditional sonority rises –
PL, AG, and FL – favor the tautomorphemic context,
and none of these trends are significant. Other
“preferred” phonotactic patterns – PG, FG, FN, NG,
and PN – occur with roughly similar frequencies in
both morphological contexts.

Here we examine the patterns of word-initial CC
inventories according to the morphological patterns
of the languages in which they occur.
Four languages have only heteromorphemic
patterns. In all of these, C1 is restricted to F, P, and N,
or just one of these, and C2 is always less restricted
than C1. For example, in Tzeltal, C1 is always F but C2
may be P, A, N, G, or L.
Sixteen languages have only tautomorphemic
patterns. Just over half of these have relatively small
inventories in which C2 is restricted to just one or two
manners, usually G, L, R, or D (e.g., A’ou: NL, PL,
FL). However, the largest inventory in the sample is
also found in this group (Northern Rgyalrong, 27
shapes), and several others have very large and
diverse inventories (e.g., Pnar, Yakama Sahaptin).
Twelve languages have both tautomorphemic and
heteromorphemic patterns in their inventories. Within
this group, there is little evidence for a dramatic
bifurcation of shapes according to morphological
context. Most often, when a heteromorphemic shape
occurs in one of these languages, it is alongside a
tautomorphemic counterpart: e.g. Laz AP, AF, FF,
FP, GP (tautomorphemic) and NP, NA, NF, PN, PP,
PA, PF, PG, PL (both patterns). Heteromorphemic
shapes in this group of languages are structurally
similar to those described above, with C1 tending to
be N, P, or F. However, the tautomorphemic shapes
in this group, whether they have heteromorphemic
counterparts or not, are unlike those described above
in that they have diverse C2 patterns which often
include A, F, P, and N in addition to L, R, D, and G.

4.2 Shapes occurring only in tautomorphemic contexts

5. DISCUSSION

Of the 49 shapes attested in the sample, there are
none that always occur in heteromorphemic contexts.
By contrast, there are 21 shapes that always occur in
tautomorphemic contexts. These include all G-initial,
D-initial, R-initial, and L-initial shapes and 4/8 of the
A-initial shapes. This is despite the fact that G, D, L,
R, and A consonants are no less frequent in languages
with heteromorphemic patterns.
Shapes occurring only in tautomorphemic
contexts in the sample are: AN, LG (4 languages
each); GG, RG (3 languages each); AD, AR, AL, GP,
RN, RP, LN, LP, LA, LF (2 languages each); GN,
GD, RA, RF, RL, DP, DG (1 language each). Some
examples of these rare shapes include Yakama
Sahaptin /lk’ʷi/ ‘overwhelm’ [13], Northern
Rgyalrong /rzɑ́ʔ/ ‘it is long’ [11], Iu Mien /jwən˧˩/ ‘to
be level, smooth’ [1], and Nasa Yuwe /t͡smeʰme/
‘butterfly’ [21].

Given the long-standing assumptions regarding the
structure of morphologically complex phonotactic
patterns and the recent empirical findings supporting
them, some of the results of this study are unexpected.
Although crosslinguistically frequent word-initial CC
shapes corresponding to traditional sonority reversals
or plateaus do show a greater tendency to occur in
heteromorphemic contexts, within this diverse
sample heteromorphemic shapes are in fact more
limited than tautomorphemic shapes in many other
aspects of their patterning.
Languages which have only heteromorphemic
patterns in their CC inventories are relatively rare.
Within languages that have both morphological
patterns, most heteromorphemic shapes have
tautomorphemic counterparts, a pattern also noted by
[9] for word-initial obstruent clusters in Slovak.
There are no shapes which occur only in
heteromorphemic contexts across the whole sample.
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Also surprising, given prior assumptions and
findings, is the huge diversity found in the
tautomorphemic patterns. Twenty-one shapes, many
corresponding to SSP-violating “reversals” and all of
them typologically rare, are found only in
tautomorphemic contexts. The largest inventory in
the sample is also found in a language with solely
tautomorphemic patterns.
The results here suggest that there are far more
factors at play, both crosslinguistically and
diachronically, in the interaction of morphology and
phonotactics than abstract universal sequencing
preferences, as also noted by the language-specific
studies in [3]. Apart from the overall structure of the
consonant phonetic/phonemic inventory [8], one
must additionally consider crosslinguistic tendencies
in the phonological patterns of stems and affixal/clitic
material, as well as common vowel reduction
patterns. For example, there is weak evidence that
relatively “unmarked” consonant types such as plain
stops and nasals are favored in inflectional affixes,
though this is not universal [4]. It is also sometimes
the case that particular consonant types cannot occur
stem-initially in a language (for example, D in Yimas
[10]). These tendencies are relevant to the finding that
heteromorphemic word-initial CCs tend to be more
limited in their sequencing properties.
Further, it is known that vowel reduction and
deletion, which is often conditioned by stress, word
position, and other non-manner consonant properties
such as voicing, can dramatically change a language’s
phonotactic patterns. In particular, pretonic vowel
syncope can create large inventories of word-initial
consonant sequences, whether the language has
strong prefixation patterns (e.g., Tataltepec Chatino
[23]) or not (e.g., Lezgian [5], [10]).
In light of the findings here, general affixation and
cliticization properties and synchronic and historical
vowel reduction patterns in the language sample as a
whole were considered. Four general language types
are identified, defined primarily by the interaction
between CC shapes and morphological context, but
also characterized by these other properties:
•

Type I (4 lgs.): solely heteromorphemic patterns
occur in these inventories, which are only
moderately diverse. Shapes show more
restrictions on C1 than C2. All such languages
have productive prefixation or procliticization
processes.

•

Type II (11 lgs): solely tautomorphemic patterns
occur in these inventories, which are small and
non-diverse. C2 is often limited to just one or two
manners of articulation. In the current sample,
roughly half of the languages of this type lack
prefixation/procliticization or it is not productive.
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•

Type III (5 lgs): solely tautomorphemic patterns
occur in these inventories, which are large and
diverse. These languages have relatively few
restrictions on C1 or C2 and therefore often
include shapes which are typologically rare.
Interestingly, all such languages in the current
sample have productive prefixation or
procliticization, but these morphemes are
restricted to syllabic structures like CV or CVC.

•

Type IV (12 lgs): both morphological patterns
occur in these inventories, which tend to be of
moderate to large size. While their
heteromorphemic patterns resemble those of
Type I, their tautomorphemic patterns are closer
to those of Type III. All such languages have
productive prefixation or procliticization. In the
current sample, half of the languages of this type
have either ongoing vowel reduction processes
affecting the initial syllable or recent historical
vowel reduction patterns which have changed the
phonotactic patterns of the language.

The distribution of the languages of the sample
among these four types can be found in Table 1.
While the above proposal is tentative, being based
upon a diverse but relatively small language sample,
it is presented as a potentially useful classification for
future investigations of this topic. The different
bundles of synchronic features possibly point towards
different diachronic paths of development for these
types. While the prevalence of vowel reduction in
Type IV languages suggests that this is a particularly
dynamic language type with a clear diachronic origin,
the
motivating
principles
underlying
the
differentiation of Types II and III from each other,
and Type I from the others, are somewhat more
obscure and worthy of further investigation.
While there are many additional phonetic,
phonological, and morphological factors to consider
that cannot be included at this stage, what is presented
here is a first step toward an empirical crosslinguistic
investigation of the interaction of phonotactic
patterns and morphological complexity. The value of
using a diverse language sample in this endeavor is
proven by the several findings here which challenge
previous assumptions. In the future, it would be
worthwhile to investigate whether these findings hold
for larger consonant sequences or those occurring in
other (e.g., word-final) environments.
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ABSTRACT
This paper presents the typological facts about the
syllable-initial consonants in the 70 Chinese dialects
of the 11 dialect groups, Mandarin, Jin, Wu, Xiang,
Hui, Gan, Min, Yue, Kejia, Pinghua, and Tuhua.
There are 52 consonant types, including 13 plosives,
16 fricatives, 11 affricates, 6 nasals, and 6
approximants. The most frequent consonants, found
in 60 or more dialects are [p](67), [t](70), [k](70),
[pʰ](69), [tʰ](69), [kʰ](69), [f](60), [s](68), [ts](70),
[tsʰ](69), [m](70), [ŋ](60), [j](70), and [l](69). The
number of consonants in an inventory varies from 16
to 32. Smaller inventories (18 to 24) are favoured,
and 20 is most common. The average proportion of
the obstruents to sonorants across the 70 consonant
inventories is 70.3% to 29.7%, which is nearly the
same as what Lindblom and Maddieson [1] predicts
for languages. The ‘modal consonant inventory’ of
the Chinese dialects is smaller in size than that of the
UPSID languages (Maddieson [2]).
Keywords: Phonetic typology, syllable-initial
consonants, phonetic consonant inventory, Chinese
dialects.
1. INTRODUCTION
The present study is a typological analysis of the
occurrence frequencies and occurrence patterns of
the syllable-initial consonants in a sample of 70
Chinese dialects. Despite the general perception of
linguistic homogeneity across the Chinese dialects,
many are significantly different from one another
and are mutually unintelligible due largely to the
differences in sound system. This is in particular true
of the dialects spoken in the geographical regions
south of the river Yangtze (now Changjiang) due to
isolation as a result of geographical barriers over an
extended period of time. Norman [3] calls attention
to the fact that “There are literally scores of
mutually non-intelligible varieties of Chinese.”
(p.187) and “To the historical linguist Chinese is
rather more like a language family than a single
language made up of a number of regional forms.
The Chinese dialectal complex is in many ways
analogous to the Romance language family in
Europe.” (p.187) Based on the content of phonetic
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inventories of the syllable-initial consonants of the
70 Chinese dialects of the 11 dialect groups, this
paper presents (i) the consonant inventories and their
contents, sizes and frequencies of occurrence, (ii) the
consonants of the classes of plosives, fricatives,
affricates, nasals, and approximants and their
frequencies of occurrence, and (iii) the occurrence
patterns of the initial consonants of the classes of
plosives, fricatives, affricates, nasals, and
approximants. The findings in this study are
discussed in relation to (i) the ‘modal consonant
inventory’ (Maddieson [2]), and (ii) the constancy of
the ‘obstruent-sonorant proportion’ (Lindblom and
Maddieson [1]).
2. PROCEDURE
The types of sources for building the phonetic
inventories of the syllable-initial consonants of the
70 Chinese dialects in this study consist of journal
articles published mostly in Fangyan (Dialect), an
official journal of the Institute of Linguistics at the
Chinese Academy of Social Sciences, book chapters,
and monographs. The classification of the dialect
groups and their sub-groups is based on the
Language Atlas of China (Wurm and Li [5]) and
Xiong and Zhang [6]. The typological facts about
the initial consonants to be presented are based on
the consonant inventories of a representative sample
of 70 geographically and genetically balanced
dialects of the 11 Chinese dialect groups, including
(i) the northern Mandarin (8) and Jin (6), (ii) the
central Hui (5), Gan (8), Xiang (5), and Wu (8), and
(iii) the southern Min (9), Yue (8), Kejia (Hakka) (9),
Pinghua (2), and Tuhua (2). The numeral in
parentheses denotes the number of sub-dialect
groups, from each of which a single dialect is
selected for the study. The northern dialect groups,
Mandarin and Jin, are spoken over wide geographical
regions, including all the areas north of the river
Yangtze and the vast areas in southwestern China.
The central dialect groups, Hui, Gan, Xiang, and Wu,
are spoken in the eastern and central provinces south
of Yangtze. The southern dialect groups, Min, Yue,
Kejia, Pinghua, and Tuhua are spoken in the
southern coastal provinces. The Tuhua and Pinghua
groups are spoken over much smaller geographical
areas, with the former being restricted to the

southern-most area of Hunan province and northern
tip of Guangdong province and the latter being
confined to the eastern part of the southern coastal
province of Guangxi. This explains why the number
of the dialects from these two dialect groups is small.
3. RESULTS
3.1. Consonant inventories

Fig. 1 shows the 17 phonetic consonant inventories
of different sizes ranging from 16 to 32 in the 70
Chinese dialects. The distribution of the consonant
inventories across the dialects tends to be skewed,
where the smaller sizes are favoured. The 20-CI (CI
= consonant inventory) has a higher frequency of
occurrence, found in 12 dialects of 8 dialect groups.
Each of the CIs from 18 to 24, excluding 22, occurs
in at least 5 dialects. The 17-CI, 22-CI, 25-CI, 26CI, 29-CI and 30-CI are less common, found in 3 or
4 dialects. The 16-CI, 27-CI, 28-CI, 31-CI and 32-CI
are found in 1 or 2 dialects.
Figure 1: Bar graph showing the frequencies of
occurrence of the 17 initial consonant inventories
of different sizes (16-32) in the 70 Chinese dialects
of the 11 dialect groups, where C = consonant.
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3.2. Consonant types

In this study, a total of 52 syllable-initial consonant
types are identified in the 70 Chinese dialects of the
11 dialect groups. All the consonants are made with
a pulmonic airstream mechanism. Implosives,
ejectives, clicks, trills, taps/flaps, consonant clusters
and uvular, pharyngeal and epiglottal articulations
are non-occurring. The 52 consonant types consist of
13 plosives, 16 fricatives, 11 affricates, 6 nasals, and
6 approximants, and they are at the respective 4, 9, 4,
6 and 5 places of articulation. Of the 52 consonants,
the most frequent ones occurring in 60 to 70 dialects
are [p][t][k][pʰ][tʰ][kʰ][f][s][ts][tsʰ][m][ŋ][j][l]. The
next most frequent ones are [ɕ][h][tɕ][tɕʰ][n][ȵ][w]
(in 38-56 dialects). The rest are less frequent or rare,
e.g., [b][d][ɡ][z][ʂ][x][tʂ][tʂʰ][ʋ] (in 14-33 dialects),
[v][ɬ][ʑ][ɦ][dz][dʑ][ɹ][ɻ] (in 7-12 dialects), and
[c][cʰ][ˀb][ˀd][ɸ][θ][ʐ][ç][ɣ][dʐ][pf][pfʰ][ɳ][ɲ] (in 13 dialects), where [ˀb][ˀd] are preglottalized plosives
found in a single Min dialect. Amongst the dialects,
the occurrences of [w] and [ʋ] are mutually exclusive.
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The presence of [w] implies the absence of [ʋ] and
the reverse is also true, except for a single Gan
dialect, in which [w] and [ʋ] occur as allophones.
The total number of occurrence of the consonants
in the 70 dialects is 1,544. The breakdown is 1,086
(70.3%) obstruents (467 plosives (30.2%), 326
fricatives (21.1%), 293 affricates (19%)) and 458
(29.7%) sonorants (231 nasals (15%), 227
approximants (14.7%)). The number of the voiceless
obstruents is 967 (418 plosives, 278 fricatives, 271
affricates), and the number of voiced obstruents is
119 (49 plosives, 48 fricatives, 22 affricates). The
voiceless plosives are more frequent than the voiced
ones, as a result of the diachronic devoicing of the
Middle Chinese (600 AD-1200 AD) voiced
obstruents across the Chinese dialect groups starting
in circa 1000 AD (Pulleyblank [4]). The consonant
categories in order of decreasing number of
occurrence are plosive > fricative > affricate > nasal
> approximant.
3.2.1. Plosives

The initial plosives occur in all the 70 Chinese
dialects. The total number of occurrence of the
plosives is 467. The 13 types of the plosives at 4
places of articulation are the voiceless [p](67, i.e., in
67 dialects), [t](70), [k](70), [pʰ](69), [tʰ](69),
[kʰ](69), [c](2), [cʰ](2), the voiced [b](19), [d](14),
[ɡ](14), and the preglottalized [ˀb](1), [ˀd](1). The
numbers of occurrences of the voiceless and voiced
plosives are 418 and 49, respectively. There are
more types of the voiceless plosives than the voiced
ones. The voiced plosives are mainly found in the
Xiang and Wu groups, sporadically in the Min and
Yue groups, but not in the Mandarin, Jin, Hui, Gan,
Tuhua, and Pinghua groups. A single Min dialect
lacks [p pʰ tʰ kʰ], and 2 Yue dialects are without [p].
The 8 occurrence patterns of the initial plosives
in the 70 dialects are [p pʰ t tʰ k kʰ] (49, i.e., in 49
dialects), [p pʰ t tʰ k kʰ b d ɡ] (11), [p pʰ t tʰ c cʰ k kʰ]
(2), [p pʰ t tʰ k kʰ b] (2), [pʰ t tʰ k kʰ b d] (2), [p pʰ t tʰ
k kʰ b ɡ] (2), [p pʰ t tʰ k kʰ b d] (1), and [t k b ɡ ˀb ˀd]
(1). The most common pattern [p pʰ t tʰ k kʰ] is
found in 49 dialects of the 11 dialect groups, except
for the Wu group. All the 8 Wu dialects share the
pattern [p pʰ t tʰ k kʰ b d ɡ]. There are occurrence
patterns of only the voiceless plosives or both the
voiceless and voiced plosives, but not those of only
the voiced plosives.
3.2.2. Fricatives

The initial fricatives occur in all the 70 Chinese
dialects. The total number of occurrence of the
fricatives is 326. The 16 types of fricatives at 9
places of articulation are the voiceless [s](68, i.e., in

68 dialects), [f](60), [ɕ](48), [h](38), [x](33), [ʂ](17),
[ɬ](9), [ɸ](2), [ç](2), [θ](1) and the voiced [z](15),
[v](12), [ʑ](8), [ɦ](8), [ɣ](3), [ʐ](2). The numbers of
occurrences of the voiceless and voiced fricatives
are 278 and 48, respectively. Similar to the plosives,
the voiceless fricatives have more types and a higher
frequency of occurrence than the voiced ones. Two
Min dialects lack [s]. In both cases, the voiceless
lateral fricative [ɬ] occurs instead. Of the 10 dialects
that lack [f], 8 are Min dialects, in which [f]  [h],
and the other two are a Gan dialect, in which [f] 
[ɸ], and a Jin dialect, in which [f]  [x]. The
voiceless alveolopalatal fricative [ɕ] occurs in all the
dialects of the Mandarin, Jin, Hui, Xiang, Gan, and
Wu groups and a few dialects of the Min and Kejia
groups, but not in the Yue, Tuhua, and Pinghua
groups. The glottal fricative [h] is found in many
dialects of the Wu, Yue, Min, and Kejia groups,
whereas the velar fricative [x] occurs mainly in the
Mandarin, Jin, Hui, and Xiang groups. The
occurrences of [x] and [h] in a dialect are mutually
exclusive. The presence of [h] implies the absence of
[x], and the reverse is also true. The exception is a
Min dialect, in which both [x] and [h] occur as
distinctive sounds. The frequency of occurrence of
the apical postalveolar/retroflex [ʂ] is higher in the
Mandarin group (in 6 of the 8 Mandarin dialects)
than the Jin, Gan, Hui, Xiang, and Kejia groups. The
Yue, Min, Tuhua, Pinghua, and Wu groups lack [ʂ].
There are 30 different occurrence patterns of the
fricatives of the sizes from 2 to 10. The more
frequent patterns are [f s ʂ ɕ x] (12, i.e., in 12
dialects) and [f s ɕ x] (10), and the less frequent ones
are [f s h] (7), [f s ɬ h] (5), [f s ɕ h] (4), and [f v s z ɕ
ʑ h ɦ] (4). The smallest patterns are [s h] (2) and [ɬ h]
(2), both occurring in the Min group. The largest
pattern [f v s z ʂ ʐ ɕ ʑ x ɣ] is found in a single Xiang
dialect. The other patterns [f s x], [s ɕ x], [s ɕ h], [ɸ s
ɕ h], [f s ɬ x], [f θ s h], [f s ç h], [s z ɕ h], [s ɕ h ɦ], [ɸ
s z x h], [f s ɕ x ɣ], [f v s ɕ x], [f s z ɕ x], [f s z ɬ h], [f
s ʂ ɕ h], [f s ʂ ɕ ç x], [f v s z ɕ ʑ h], [f v s z ɕ h ɦ], [f v
s z ɕ ʑ x ɣ], [f v s z ʂ ʐ ɕ h], and [f v s z ɕ ʑ x ɦ] are
infrequent, found in 1 or 2 dialects. Similar to the
plosives, there are occurrence patterns of only the
voiceless fricatives or both the voiceless and voiced
fricatives, but not those of only the voiced fricatives.
3.2.3. Affricates

The initial affricates occur in all the 70 dialects. The
total number of occurrence of the affricates is 293.
The 11 types of affricates at 4 places of articulation
are the voiceless [ts](70, i.e., in 70 dialects), [tsʰ](69),
[tɕ](48), [tɕʰ](48), [tʂ](17), [tʂʰ](17), [pf](1), [pfʰ](1)
and the voiced [dz](9), [dʑ](11), [dʐ](2). The numbers
of the occurrences of the voiceless and voiced
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affricates are 271 and 22, respectively. Similar to the
plosives and fricatives, the voiceless affricates have
more types and a higher frequency of occurrence
than the voiced ones. The alveolar [ts] is most
common, found in all the 70 dialects. A single Min
dialect lacks [tsʰ], which has merged with [s]. The
alveolopalatal affricates [tɕ tɕʰ] are found in all the
Mandarin, Jin, Hui, Xiang, Gan, and Wu dialects
and some Min and Kejia dialects, but not in the
dialects of the Yue, Tuhua, and Pinghua groups. The
voiceless apical postalveolar/retroflex affricates [tʂ
tʂʰ] and fricative [ʂ] occur in the Mandarin, Jin, Hui,
Xiang, Gan, and Kejia groups, but not in the Wu,
Min, Yue, Tuhua, and Pinghua groups. The voiced
affricates [dz dʑ dʐ] are only found in the southern
dialect groups of Xiang, Wu, and Min. The labiodental [pf pfʰ] occur in a single Mandarin dialect.
There are 8 occurrence patterns of the affricates
of the sizes from 1 to 9. The more frequent patterns
are [ts tsʰ tɕ tɕʰ] (22, i.e., in 22 dialects) and [ts tsʰ]
(21), and [ts tsʰ tʂ tʂʰ tɕ tɕʰ] (14). The less frequent
ones are [ts tsʰ dz tɕ tɕʰ dʑ] (7), [ts tsʰ tɕ tɕʰ dʑ] (2),
[ts tsʰ dz tʂ tʂʰ dʐ tɕ tɕʰ dʑ] (2), [pf pfʰ ts tsʰ tʂ tʂʰ tɕ
tɕʰ] (1), and [ts] (1). The largest [ts tsʰ dz tʂ tʂʰ dʐ tɕ
tɕʰ dʑ] is found in 2 Xiang dialects, and the smallest
[ts] in a single Min dialect. The patterns that also
contain the voiced affricates [dz dʑ dʐ] or [dz dʑ] are
found only in the Wu, Xiang, and Min groups. Again,
there are no occurrence patterns of only the voiced
affricates, but patterns of only the voiceless
affricates or both the voiceless and voiced affricates.
3.2.4. Nasals

The initial nasals occur in all the 70 dialects. The
total number of occurrence of the nasals is 231. The
6 types of initial nasals at 6 places of articulation are
[m](70, i.e., in 70 dialects), [ŋ](60), [n](56), [ȵ](41),
[ɲ](2), and [ɳ](2). The bilabial [m] occurs in all the
70 dialects. The velar [ŋ] is less frequent due to its
lower occurrence frequency in the northern dialect
groups, Mandarin and Jin. The alveolar [n] is less
frequent than [m] and [ŋ] as a result of many
instances of change [n]  [l] in the central dialect
groups, Hui, Xiang, and Gan. The alveolopalatal [ȵ]
mainly occurs in the Wu, Gan, and Kejia groups.
The palatal [ɲ] and apical postalveolar/retroflex [ɳ]
are rare, with [ɲ] occurring in a Gan and a Kejia
dialect and [ɳ] in 2 Gan dialects. The nasals have
more places (6) of articulation than the plosives (4),
affricates (4) and approximants (5), but less than the
fricatives (9).
The 11 occurrence patterns are [m n ȵ ŋ] (27, i.e.,
in 27 dialects), [m n ŋ] (19), [m ȵ ŋ] (8), [m n] (4),
[m n ȵ] (4), [m] (2), [m ŋ] (2), [m ɲ ŋ] (1), [m n ɲ ŋ]
(1), [m ȵ ɳ ŋ] (1), and [m n ȵ ɳ ŋ] (1). The largest

3.2.5. Approximants

The initial approximants occur in all the 70 dialects.
The total number of the occurrence of the
approximants is 227. The six types of approximants
are [j](70, i.e., in 70 dialects), [l](69), [w](46),
[ʋ](25), [ɻ](10), and [ɹ](7). The initial [j] and [l]
occur in all the 70 dialects except a single Hui
dialect, in which [l] has merged with [n]. As
mentioned earlier, amongst the dialects, occurrences
of [w] and [ʋ] are mutually exclusive, except for a
Gan dialect. The r-sounds [ɻ] and [ɹ] occur nearly
exclusively in the northern Mandarin and Jin groups.
The 10 occurrence patterns of the approximants
in the 70 dialects are [l w j] (37, i.e., in 37 dialects),
[l ʋ j] (16), [l ɻ w j] (4), [l ɻ ʋ j] (4), [l ɹ w j] (3), [l ɹ ʋ
j] (2), [l ʋ w j] (1), [l ɹ ɻ w j] (1), [l ɹ ɻ ʋ j] (1), and [ʋ
j] (1). The pattern [ʋ j] without the r-sounds and
[l] is found in a single Hui dialect.
3.2.6. Series of phonation types of the obstruents

In the 70 Chinese dialects, (i) the bilabial, alveolar
and velar plosives have 3 series of phonation types
(voiceless aspirated, voiceless unaspirated, voiced),
the palatal plosives have 2 (voiceless aspirated,
voiceless unaspirated), and the preglottalized
plosives have 1 (voiced). (ii) The coronal affricates
have 3 series (voiceless aspirated, voiceless
unaspirated, voiced), and the labiodental affricates
have 2 (voiceless aspirated, voiceless unaspirated).
(iii) The labiodental, coronal, velar and glottal
fricatives have 2 (voiceless, voiced), and the dental
and palatal fricatives have 1 (voiceless). Except for a
single Min dialect, all the 70 dialects have at least 2
plosive series (voiceless aspirated, voiceless
unaspirated) and 2 affricate series (voiceless
aspirated, voiceless unaspirated).
4. DISCUSSION
Owing to space limit, two points are discussed. First,
‘modal consonant inventory’ (Maddieson [2]) and
second, ‘obstruent-sonorant proportion’ in consonant
inventory (Lindblom and Maddieson [1]).
4.1. Modal consonant inventory

The modal consonant inventory (MCI) proposed in
Maddieson [2] contains the most frequently
occurring 21 consonants of the UPSID (UCLA
Phonological Segment Inventory Database) languages,
comprising /p b t d k ɡ ʔ f s ʃ tʃ tʃʰ m n ɲ ŋ w j l r/
plus one other. In the present study, the most
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frequent consonants that occur in 60 (86%) or more
dialects are [p t k pʰ tʰ kʰ f s ts tsʰ m ŋ j l]. These 14
types in the Chinese dialects are phonemically
represented as /p t k pʰ tʰ kʰ f s ts tsʰ m ŋ j l/, also 14
in number. The Chinese MCI of 14 consonant
phonemes is smaller in size than the UPSID MCI.
While the Chinese MCI lacks /b d ɡ ʔ ʃ tʃ tʃʰ n ɲ w r/,
the UPSID MCI lacks /pʰ tʰ kʰ ts tsʰ/. Those shared
by the both are /p t k f s m ŋ j l/, which accounts for
64% of the Chinese MCI.
4.2. Obstruent-sonorant proportion

In Lindblom and Maddieson [1], it is stated that “...
languages tend to have 70% obstruents and 30%
sonorants. This is so independent of the size of the
particular inventory.” (p.66) The obstruent-sonorant
proportions (∝) of the initial consonants in the 70 CI
range from ‘61.1% ∝ 38.9%’ to ‘87.1% ∝ 12.9%’
and the average obstruent-sonorant proportion across
the 70 CIs is ‘70.3% ∝ 29.7%’ (standard deviation =
‘4.03% ∝ 0.85%’). The average proportion agrees
with Lindblom and Maddieson [1] that “languages
tend to have 70% obstruents and 30% sonorants”.
But the obstruent-sonorant proportion in the 70
Chinese dialects is not “independent of the size of
the particular inventory”. Fig. 2 shows a moderately
strong linear positive correlation (r = 0.78) between
the obstruent sizes (61.1% to 87.1%) and the 70 CI
sizes (16-32), where the obstruent size increases as
the CI size increases.
Figure 2: Linear correlation relationship (r = 0.78)
between the 70 obstruent sizes in percentage
(61.1% to 87.1%) and the sizes of the 70 CI (16
to 32); less than 70 points displayed due to
overlap.
Obstruent in %

pattern [m n ȵ ɳ ŋ] occurs in a single Gan dialect and
the smallest [m] in a Mandarin and a Xiang dialect.
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5. CONCLUDING REMARK
The typological information about the inventories
and occurrence patterns of the initial consonants in
the 70 Chinese dialects of the 11 dialect groups is
believed to be useful for determining the varying
degrees of phonological affinity between the dialects
and between the dialect groups in Chinese and for
explaining the divergent evolution of the initial
consonant system of Middle Chinese.
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ABSTRACT
We present a neural network model of phonetic and
phonological acquisition that can handle two distinct
phenomena: category creation and auditory dispersion. Within a single neural network, learning proceeds in two stages. The first stage is distributional
learning, during which the model induces phonological features from an auditory input distribution;
in the second stage, the model acquires knowledge
about the relation between lexical categories and the
auditory input distribution. The model can be used
bidirectionally: once perceptual learning is complete, the network can also be asked to speak. In the
production direction, effortful, perceptually peripheral tokens are avoided. In a chain of iterated learners,
in which the output of one generation serves as the
input to the next, sound systems emerge that maintain sufficient contrast at a moderate articulatory
cost, regardless of the initial distribution.
Keywords: neural networks; phonological features;
auditory dispersion; sound change.
1. INTRODUCTION
The speaker-listener is often assumed to be subject
to two competing forces: on one hand, the pressure
to be clear; on the other hand, the pressure to be lazy
[2, 20, 27]. These pressures oppose each other, since
a larger auditory contrast entails increased articulatory effort as well. The two forces can be seen at
work both at the level of the individual speakerlistener and at the level of the linguistic system: e.g.
speakers reduce contrasts in casual speech [9, 11];
and in sound systems, the auditory correlates of
phonological categories are distributed in a way that
maintains sufficient perceptual distinctiveness
between categories [18, 19].

tion, the learner first goes through a stage of lexicondriven perceptual learning: she acquires a grammar
expressing knowledge about the relation between
auditory cues and phonological categories. Here a
prototype effect occurs, i.e. the learner prefers a
token in perception that is less confusable and more
peripheral than the token that was most frequent in
her input. B&H’s model is bidirectional, so the
learner uses this same knowledge in production as
well; however, as a speaker she tries to avoid auditorily peripheral tokens, since these require more
articulatory effort. Using simulations of iterated learning chains, B&H show that in a stable inventory,
the articulatory and prototype effects cancel each
other out; when the contrast in the initial distribution
is exaggerated, the articulatory effect will push the
categories towards more central values; when the
initial contrast is confusing, the prototype effect will
push the categories outwards. In all cases, a stable,
optimally dispersed inventory emerges within a
number of generations, without any goal-oriented
elements in the model.
1.2 Category creation

Most mainstream phonological frameworks presuppose the existence of discrete categories. Since we
want to model category emergence, we work with
neural networks, which have already been used to
model feature discovery [1, 6, 10, 29]. A neural network consists of layers of nodes, connected to each
other with connections that can be either excitatory
or inhibitory. Nodes can be activated, and activity
can flow through the network: when a node is active,
it activates those nodes that it is connected to with
excitatory connections (i.e. connections with positive weights), and inhibits those nodes that it is connected to with inhibitory connections (i.e. connections with negative weights).
2. THE MODEL

1.1 Auditory dispersion

The maintenance of sufficient contrast in sound
systems is sometimes regarded as a synchronically
functionalist process [14, 17, 25]; Boersma & Hamann [7] (hereafter B&H), on the other hand, model
it as an emergent phenomenon. In their formaliza-
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We present a neural network model that is capable
of category creation, in which optimal auditory
dispersion emerges as well. Our formalization is
couched in Boersma’s bidirectional model of phonology and phonetics (BiPhon) [5], shown below.

Figure 1: The architecture of the BiPhon model.
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The BiPhon model assumes at least two phonological and two phonetic levels of representation.
The phonological levels are an underlying morphemic level (UF), and a prosodically structured surface
form (SF) [28]; in addition, there are an auditoryphonetic representation (AudF), representing auditory cues like formants and plosive release bursts,
and an articulatory-phonetic form (ArtF) containing
a plan of articulatory gestures. Faithfulness knowledge evaluates the mapping between UF and SF
[21]; structural restrictions evaluate the phonotactic
wellformedness of SF [28]; cue knowledge expresses the relation between phonological categories
and auditory cues [4, 12]; sensorimotor knowledge
evaluates the relation between auditory cues and
their articulatory implementation [3]; and articulatory constraints evaluate articulatory effort [2, 17].
In the neural network version of the BiPhon
model, every level of representation is implemented
as a layer of nodes [6]. In this paper, we model two
independent auditory continua (e.g. centre of gravity
in sibilants, and VOT), resulting in two separate
AudF layers and two SF layers. We assume perfect
sensorimotor knowledge; instead, the AudF and
ArtF layers are connected with connections whose
weights are more negative at the edges of the continuum, inhibiting activities there more strongly.
The neural network learns in two stages: a distributional learning stage followed by a lexicon-driven
learning stage (§3). Once learning is complete, the
network will produce an output that may serve as the
input to a new network (§4), i.e. we create a chain of
iterated learners [16]. We will show that all three
types of learning play a role in the emergence of
features as well as auditory dispersion.
3. EMERGENT FEATURES
Fig. 2 shows a neural network in its initial state. Per
auditory continuum, there are 48 AudF nodes and 6
SF nodes, connected with excitatory cue connections
(drawn in black). Within each SF layer, all nodes are
connected with inhibitory connections [29] (drawn
in grey). Before learning begins, the activities of the
SF nodes and the weights of the cue connections are
small and random. A larger black circle drawn inside
a node indicates stronger activation.
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All simulations are run with a script in Praat [8]. The
first step in the simulation is to determine the initial
language, based on parameters set in the script: the
user indicates where the category peaks in the auditory environment of the first generation lie. The
probabilities of the input tokens are normally
distributed around the category peaks, as in Fig. 3.
Figure 3: The auditory environment of the learner.

probability

FAITH

Figure 2: A neural network before learning.

AudF continuum

Since the continuum on the horizontal axis is
divided into 48 nodes, the probability of each individual node at AudF is computed. In Fig. 3, there are
two categories on the continuum, one with a peak at
35% of the continuum, one with a peak at 65%. The
dotted curves in the figure show the distributions of
both categories, the solid curve shows the sum of
these categories. Learning proceeds in two stages.
Stage 1: distributional learning. We assume
that there is no lexicon in place at this stage yet: the
network only learns from the auditory environment,
without having acquired any category labels yet. A
learning step in the first stage proceeds as follows.
From the cumulative distribution, i.e. the solid curve
in Fig. 3, an auditory value is drawn, based on its
probability. A bit of transmission noise [7, 24],
whose amount is normally distributed around mean
0, is added to the token; a normally distributed activation pattern, centered around the token, is applied
to the AudF layer. This last step is motivated by the
fact that the biological correlate of the AudF layer is
the basilar membrane, and incoming sounds on the
basilar membrane activate adjacent hair cells as well
[23]. Subsequently, the activities from the AudF
layers are spread to the corresponding SF layers in
100 time steps. The inhibitory connections within
each SF layer cause a node that becomes activated to
simultaneously deactivate the other nodes in the
layer; as a result, nodes become specialized in parts
of the auditory continuum (“competitive learning”).

Once activity spreading is done, the weights of the
cue connections are updated according to the
‘inoutstar’ algorithm [6], a bidirectional algorithm
that combines properties of the instar and outstar
learning rules [15, 29].
Fig. 4 shows the network from Fig. 2 after 8,000
learning steps. On the leftmost continuum, SF nodes
1, 2 and 6 have become specialized in the left side of
the continuum; nodes 3, 4 and 5 are specialized in
the right side. On the rightmost continuum, nodes 3,
5 and 6 have become connected to the left side of the
continuum; and nodes 1, 2 and 4 to the right side.
This means that when we spread activity from an
AudF node to SF on the left continuum, two patterns
are possible: either nodes 1, 2, and 6 are on while 3,
4 and 5 are off, or 3, 4 and 5 are on while 1, 2 and 6
are off. In other words: binary features have emerged at SF. The same is true for the other continuum.
This categorical behaviour is directly observable in
our model, while it needs to be inferred in other
computational models of distributional learning [13,
22, 26].
Figure 4: The network after 8,000 learning steps.

4. EMERGENT DISPERSION
The bidirectionality of the BiPhon model is ensured
because the neural network is symmetric, i.e. the
connection from node A to node B has the same
weight as that from node B to node A. Therefore, the
network can be used in the production direction as
well. In the production direction, we add an ArtF
node, which is connected to both AudF continua
with inhibitory connections, whose weights are more
negative at the edges of the continua. The production of a lexical category entails the activation of its
UF nodes, then spreading activity down through SF
to AudF. ArtF needs to be activated as well, spreading activity up to AudF, inhibiting the edges of
both continua more strongly, cf. Fig. 6. The resulting activities at the AudF layer can be interpreted as
probabilities. We can sample this probability distribution to get inputs for training a new network, then
use the production of that network to train a third,
and so on: that is, we can create a chain of iterated
learners, and track the evolution of an inventory
across multiple generations.
Figure 6: The network producing a lexical category.

/SF/

|UF|
[AudF]

Stage 2: lexicon-driven learning. After the 8,000th
learning step, lexicon-driven learning begins. The
network is extended with an UF layer, which has
four nodes per lexical category and is connected to
both SF layers with excitatory connections. In this
second stage of learning, the input to the network
consists of AudF-UF pairs: the auditory tokens are
drawn from the dotted distributions in Fig. 3, i.e. the
distributions with lexical category labels, and the
corresponding category nodes at UF are switched on
as well. Since the activity between AudF and UF
necessarily flows through SF, the newly emerged
categories mediate this process. Once the activity
spreading is done, the weights of the faithfulness and
cue connections are updated with the same algorithm
from the previous learning stage. Fig. 5 shows the
network from Figs. 2 and 4 after 16,000 tokens.

[AudF]
[[ArtF]]

We explore the evolution of two types of initial distribution, both with four categories: a “standard”
inventory, whose peaks lie at 35% and 65% of both
continua, and a skewed, exaggerated inventory.
Fig. 7 is a 48×48 grid, showing the initial probability distribution of all combinations of AudF nodes
on both continua in the standard inventory.
Figure 7: A standard contrast.

AudF continuum 2

Figure 5: The network after 16,000 learning steps.

/SF/

|UF|
/SF/
[AudF]

AudF continuum 1
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Fig. 8 shows the evolution of this inventory over 10
generations, averaged over 5 runs. Black curves indicate the average input nodes; grey curves indicate
the average ± 1 sd. Fig. 8 shows that the standard
inventory remains stable over the generations.
Figure 8: The evolution of a standard contrast.
1

10

generation

generation

1

AudF continuum 1

AudF continuum 2

10

Fig. 9 shows the initial probability distributions of a
skewed inventory in a 48×48 grid; the evolution of
this inventory over 40 generations, averaged over 5
runs, can be seen in Fig. 10.

AudF continuum 2

Figure 9: A skewed, exaggerated contrast.

5. CONCLUSION

AudF continuum 1

Figure 10: The evolution of a skewed, exaggerated
contrast.
1

generation

generation

1

40

the peaks on both continua are sufficiently close to
one another that the network induces identical
representations at SF during distributional learning,
already within the first generation. Subsequently, the
resulting bimodal distributions become monomodal
(seen in Fig. 10 as the convergence of the black
curves), as the inhibitory articulatory connections
reduce the size of the most peripheral peak and push
it towards the center. Dispersion emerges because
the articulatory effect pushes the auditory distributions towards the centre of both continua, after
which we end up with the optimally dispersed standard inventory familiar from Fig. 8.
All three types of learning play a role in the
evolution of this inventory. The induction of a single
feature value from two non-identical auditory distributions can only happen if the lexicon is not yet
involved, i.e. during the distributional learning stage.
Once the two auditory distributions share the same
feature value, both corresponding lexical categories
at UF will become connected to SF in the exact
same way during the lexicon-driven learning stage,
which entails that these categories will also have
identical output probability distributions at AudF in
production. The iterated learning process is crucial
because the initial contrast is too large to be resolved
in a single generation; every new generation adds a
small articulatory effect.

AudF continuum 1

AudF continuum 2

40

Two phenomena can be seen in Fig. 10: merger and
dispersion. The merger proceeds in two steps. Firstly, even though none of the categories shared a peak
in its distributions with any other categories initially,
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We presented a neural network model that involves
three types of learning: firstly, a neural network
induces features from an auditory input distribution
(distributional learning); secondly, it acquires knowledge of the relation between lexical categories and
the auditory input distribution (lexicon-driven
learning); and thirdly, its speech output is used as
the input to a new network (iterated learning). The
first two types of learning happen within a single
neural network and use the same learning algorithm.
The three types of learning account for two distinct
phenomena: the emergence of phonological features
within every generation, and the emergence of auditory dispersion over multiple generations.
In other computational models of distributional
learning [13, 22, 26], categorical behaviour emerged
as well, sometimes aided by lexical information
[13], but we are not aware of other models that
handle both perception and production. Also, to our
knowledge, the two different timescales on which
features and dispersion emerge on multiple continua
have not been unified in a single model before.
Future extensions of the model will involve, among
other things, the roles of morphological alternations
[10] and phonetic context.
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ABSTRACT
Using data from a corpus of spontaneous speech the
present study investigates the timing and quality of
diphthong components in Estonian, a quantity
language that combines a rich vowel system (9
monophthongs, 36 diphthongs) with complex
prosodic characteristics (three quantity degrees).
In the Estonian quantity system, diphthongs are
equivalent to long vowels and can occur in both long
and overlong quantity degrees. Previous studies have
been inconclusive as to whether the lengthening in
the overlong quantity involves just one or both
diphthong components.
The results of the current study, based on the
formant trajectories of 9 monophthongs and 8
diphthongs from 119 speakers, show that both
diphthong components are lengthened but that the
lengthening is more prominent in the second
component. Instead of connecting two stable targets
the formant trajectories change during the course of
the whole diphthong forming a constant glide.
Keywords: diphthongs, vowel quality, quantity,
Estonian, spontaneous speech
1. INTRODUCTION
The aim of this paper is to analyse the timing and
quality of diphthong components in spontaneous
speech. More broadly, the study addresses the issue
of interaction of different levels of representation –
segmental with prosodic – based on Estonian, a
language where these two are intricately intertwined.
In many languages the notion of a diphthong as a
phonological category is relatively vague. Due to
coarticulatory reasons vowels can be diphthongised.
A number of studies have searched for phonetic
properties that distinguish diphthongs from
monophthongs, e.g. [1], [2]. Here, a diphthong is
defined as a sequence of two vowels with different
targets belonging to the same syllable with there
being a single noticeable change in quality in that
syllable [3].
The Estonian vowel inventory comprises 9
monophthongs /i, y, e, ø, æ, ɑ, o, ɤ, u/ that can form
36 diphthongs. All 9 monophthongs can occur as

1139

first components of a diphthong but only 5 /i, e, ɑ, o,
u/ as second components [4].
The three-way quantity system of Estonian
combines durational properties of segments with
tonal characteristics, e.g. [5]. Diphthongs have an
important role in this system as the duration of
diphthong components has been used as a basis of a
prevailing quantity theory [8]. Diphthongs are
treated as equivalent to long monophthongs and can
thus occur in long (Q2) or overlong (Q3) quantity
degrees. It has been shown in [6] that the
pronunciation of the second diphthong component
varies more than that of the first one. According to
[7] the quality of the first component is closer to the
corresponding monophthong.
The timing of diphthong components in a small
variety of Estonian was studied in [8], [9]. It was
shown that both components were longer in Q3 than
in Q2 supporting [7] and not being in line with [10]
who claimed that only the second component is
longer in Q3, while the first one is not influenced by
the quantity. It is implied in [6] that the durations
vary depending on the diphthong but the second
components are usually longer than the first ones.
The present paper addresses several research
questions testing the following hypotheses:
• What is the duration of diphthongs as
compared to monophthongs? Based on the
phonological treatment of Estonian quantity
[11] we would expect diphthongs to have the
same duration as long monophthongs.
• How do the formant trajectories of diphthongs
compare to those of long monophthongs?
Presuming that monophthongs in Estonian are
not diphthongised and their trajectories cross
just one target, we would expect formant
trajectories to be longer for diphthongs than
for monophthongs.
• What is the timing of diphthong components
in Q2 and Q3? Based on earlier research [8],
[9] we would expect both components to be
longer in Q3 than in Q2 diphthongs.
• What is the quality of diphthong components
as
compared
to
the
corresponding
monophthongs? Based on [7] we hypothesise
that diphthong components are similar in their
quality to the corresponding monophthongs.

Table 1: The number of tokens grouped by gender, quantity degree and vowel category.
ɑ
F
M

æ

e

ø

ɤ

o

i

y

u

ɑe

ɑi

ɑu

æi

eɑ

ei

ɤi

ɤu

Q2

156

108

301

35

24

259

186

23

246

21

105

91

120

20

79

21

13

Q3

40

43

35

35

8

165

39

9

52

84

25

41

6

90

27

29

25

Q2

187

95

295

23

15

223

212

14

281

29

103

82

90

31

67

39

13

Q3

57

50

45

50

9

120

55

6

63

106

32

37

6

122

24

27

27

2. MATERIAL AND METHODS

3. RESULTS AND DISCUSSION

The data comes from the University of Tartu
Phonetic Corpus of Estonian Spontaneous Speech
[12] from 119 speakers: 62 female, 57 male (mean
age 41 years, ranges from 20-85 years, sd 15).
An initial search from the corpus resulted in
15,135 disyllabic CVCV(C) words with an open first
syllable. All words with creaky or breathy voice,
whisper, laughter or lengthening were excluded.
Only content nouns were selected for the analysis,
leaving out grammatical words and verbs. Loan
words and foreign names with non-initial stress were
also excluded.
Using a Praat [13] script the F1 and F2 values
were measured from 30 equidistant time points from
the mid 60% of the duration of each vocalic
segment. In order to optimise the formant analysis
the method explained in [14] was used: the formant
analysis was repeated with changing the formant
ceiling from 4000 to 6000 Hz in steps of 10 Hz for
male speakers and from 4500 to 6500 for female
speakers. The settings with the lowest variance by
speaker by vowel category were selected.
As in the present paper the focus is on
diphthongs in Q2 and Q3, only the words in these
two quantities were included.
In order to further normalise for Praat’s formant
analysis errors, the formant values were grouped by
gender and vowel category, and the outlying values
were deleted. Finally, diphthongs with fewer than 5
tokens for gender and quantity were excluded.
The final analysis is based on 5196 tokens from 9
monophthongs and 8 diphthongs. Each speaker
produced a different number of tokens but on
average there were 24 monophthongs and 11
diphthongs per speaker. The number of tokens
grouped by gender, quantity degree and vowel
category is given in Table 1.
Statistical analysis was carried out in R using
lme4 package [15]. Each acoustic measure was
tested with a linear mixed effects model for the
effects of quantity and vowel type (monophthong vs.
diphthong), including random intercepts for the
speaker and the vowel.

Figure 1 presents the mean formant trajectories
grouped by speaker gender, quantity and vowel
category in F1-F2 space. Despite the different area
of the vowel space of male and female speakers due
to the differences in the length of the vocal tract, the
distribution of the vowels is generally very similar.
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3.1. The duration of diphthongs

The duration of the whole vocalic segment (see
Figure 2) was 122 ms in Q2 and 155 ms in Q3 [F(1,
4979.5) = 597.9; p < 0.001]. The difference between
monophthongs and diphthongs was not significant.
This confirms our hypothesis and lends experimental
support to the treatment of Estonian diphthongs as
comparable to long monophthongs.
3.2. Formant trajectory length (TL)

Formant trajectory length (TL) was measured in two
ways. Firstly, we calculated the sum of the
Euclidean distances between the consecutive
measuring points within a vowel. There was a
significant difference between monophthongs and
diphthongs [F(1, 15.2) = 23.3, p < 0.001] and a main
effect of quantity [F(1, 5133.0) = 62.6, p < 0.001].
TL was 1.6 barks in Q2 vs. 1.8 barks in Q3 for
monophthongs and 2.6 barks in Q2 vs. 2.8 barks in
Q3 for diphthongs.
Secondly, we calculated the Euclidean distance
between the first and the last measuring point within
each vowel. As the first method also captures the
quivering of the trajectory around the target value,
the second method provides a more clear-cut
distinction between monophthongs and diphthongs
[F(1, 15.0) = 37.1, p < 0.001]. The distance between
the start and end of the trajectory in monophthongs
was 0.8 barks (quantity not significant) and in
diphthongs 1.9 barks in Q2 and 2.1 barks in Q3 [F(1,
5145.6) = 42.2, p < 0.001].
As the formant trajectories were longer in
diphthongs than in monophthongs, it can be
concluded that monophthongs in Estonian are not
diphthongised.

Figure 1: Vowel formant trajectories in F1-F2 space on bark scale from female (top panels) and male speakers
(bottom panels) extracted from words in Q2 (left) and Q3 (right). Grey points show the mean formant values of
monophthongs. Red points denote the starting point of a diphthong, connected with the rainbow-coloured trajectory
to the blue dots showing the end point of a diphthong.

Figure 2: The temporal properties of monophthongs (left) and diphthongs (right). The upper sections show distance
from the mid-point of the trajectories which is marked with a dot. The middle sections show the Vowel Section
Length (VSL) with the average maximum marked with a dot. The bottom sections show the whole duration of the
vowels and for diphthongs the manually annotated boundary between the first (red) and the second (blue)
component. Solid line denotes Q2, dashed line Q3.
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The formant trajectories of monophthongs circle
around the target value of the vowel while the
trajectories of diphthongs have different start and
end points implying that there is a clear distinction
between monophthongs and diphthongs in Estonian.

Figure 3: The distance of the first (left panel) and
the second (right panel) diphthong component
from the target vowel in bark. Highlighting shows
the expected closest candidate (purple), mismatch
between the expected and the closest candidate
(blue), and an alternative closer target (red).

3.3. Timing of diphthong components

Based on the manual segmentation of the corpus, the
duration of the first component was 65 ms in Q2 and
77 ms in Q3, the quantity effect being significant
[F(1, 1571.3) = 94.6, p < 0.001]. The duration of the
second component was 62 ms in Q2 and 81 ms in
Q3 [F(1, 873.03) = 250.6, p < 0.001]. Thus,
proportionally the manually labelled boundary was
at 51% of the whole vowel duration in Q2 and at
49% in Q3 (with a significant quantity difference at
[F(1, 1582.8) = 43.6, p < 0.001]).
Two alternative measures were used to compare
with the manually annotated boundary. Firstly,
Vowel Section Length (VSL), which is the rate of
change (in bark) of the formant trajectory, is
displayed in the middle section of Figure 2. If a
diphthong consists of two stable sections at target
values connected by a transition, the peak of the
transition should be at the point where VSL reaches
its maximum. In our data the maximum point of
VSL was highly variable. The mean values were
very similar to the means of the manually detected
boundary, but the distribution of the points was
uniform. Thus, it seems that the formant trajectories
consist of a constant glide instead of two stable
targets connected with a transition.
Secondly, the boundary between the diphthong
components as a mid-point in the formant trajectory
is displayed in the top section of Figure 2. This was
calculated as the point which is at an equal distance
from the beginning and end of each vowel
(Euclidean distance in bark values). The mid-point
of the formant trajectory was at 51% of the vowel
duration in Q2 and at 48% in Q3 [F(1, 1621.2) =
10.9, p < 0.001].
The results show that both diphthong components
were affected by the quantity. As expected, the
diphthong components were longer in Q3 than in Q2
confirming the results of a study based on read
materials from a small Estonian dialect [8], [9]. The
lengthening in the second component was, however,
slightly more prominent. The results were also
affected by vowel intrinsic properties.
3.4. Target undershoot

In most cases the first component of the diphthong is
closest to its target vowel and average distance from
the target value is one bark. However, in few cases
the diphthong component is close to several targets:
in [ɑi] the first component is between [ɑ] and [æ],
and in [eɑ] it is between [e] and [ø]. In the case of
[ɤi] the first component is closer to [ø] than to its
target [ɤ].
In the case of the second component we can see
more evidence of undershoot. The average distance
of the second component from the target vowels is
1.4 barks. In the case of [ɑi] and [æi] the second
target is lowered and is closer to [e] than to [i] (0.9
vs. 1.7-1.8 barks). In the case of [ɑe] and [eɑ] the
second component is closest to [æ] (0.9 barks in
both cases vs. 2.1 and 1.3 barks respectively).
In line with [6] it can be seen that the target
values of diphthong components do not always
coincide with the corresponding monophthongs.
4. CONCLUSIONS
The present study investigated several aspects of
diphthongs in Estonian. It was shown that there is a
good match between the phonological category and
phonetic realisation. Rather than connecting two
steady targets, the formant trajectories change
continually throughout the whole diphthong.
Regarding the temporal properties, both
diphthong components lengthen in Q3, but the
second component is more affected by the quantity.
However, more systematic study is needed in order
to further analyse the effects of intrinsic properties
on the timing of diphthong components.
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ABSTRACT1
This study investigates diphthongization in three
Swedish varieties that the literature has regarded as
different: Lund, Linköping and Stockholm. In all
three varieties, the high vowels /iː/, /yː/, /ʉː/ and /uː/
turn out to only marginally glide, if at all, and /eː/
exhibits clear diphthongization of a centralizing
nature. For /oː/, a similar centralization is found in
Stockholm, but none is found in Linköping, and the
reverse is found in Lund. /ɛː/, /øː/ and /ɑː/ do not
diphthongize, but /ɛː/ and /øː/ are realized strikingly
low in all three varieties, suggesting an alternative
transcription as /æː/ and /œː/. An additional finding is
that geminate consonants are hardly longer than
singleton consonants, so that the fundamental
Swedish binary distinction between VCː and VːC
syllable types nowadays has to rely on differences in
vowel duration, vowel quality, and diphthongization.
Diphthongization may thus be an instrument in the
maintenance of auditory contrast.
Keywords: Swedish, diphthongs.

contrast between VːC and VCː syllables (e.g. glas
/glɑːs/ ‘glass’ vs. glass /glasː/ ‘ice cream’), which may
be related to the issue of diphthongization as we will
see.
2. THE THREE VARIETIES
2.1. Lund

In the traditional dialects of south-west Scania the
nine long vowels start more open and, for the nonfront vowels, more front and less rounded than where
they end: they are [ei øy ø̠ʉ ɘu ɛe ɶœ ɜo aɛ a̠ɔ] in IPA
transcription adopted from a figure by Bruce [7: 122].
It will be interesting to see if /oː/ diphthongizes in
Lund, and if so, whether it manifests itself as a
diphthong from front to back as above, or centralizing
as has been reported for standard Swedish by [19, 11,
12, 9, 8]. It will also be interesting to see if /øː/
patterns with the open-mid vowels as above, a state
of affairs that was also suggested by Bleckert’s [4:
170–174] decision not to include /øː/ in the list of
diphthongized vowels in central Sweden.
2.2. Linköping

1. JUSTIFICATION
The vowels of Swedish are sometimes described as
nine long vowels (/iː yː ʉː uː eː øː oː ɛː ɑː/) and eight
short vowels (/ɪ ʏ ɵ ʊ ɛ œ ɔ a/) [17]. This may be
appropriate for underlying phonological forms, but in
their phonetic realization many long vowels tend to
be diphthongs, as has been remarked upon by [14, 8]
and investigated in depth by Bleckert [4] for
Södermanland.
In this study we broaden the language sample and
focus on three different regional varieties, namely
those of Stockholm, Linköping (East Götaland) and
Lund (south-west Scania), each of which is known for
its specific features. On the basis of work by Bruce
[6, 7] we expect that all three varieties exhibit
diphthongization, though possibly in different
fashions.
We focus on the long vowels, using the somewhat
arbitrary labels /iː yː ʉː uː eː øː oː ɛː ɑː/ for the vowels
in all three varieties (simplifyingly disregarding
potential phonological differences between the
varieties), as well as on the basic Swedish binary
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Bleckert [4: 147] classifies Linköping as having no
diphthongs, whereas Bruce [7: 194] states that in the
varieties of East Götaland the high vowels end in
glides, /eː/ and /oː/ move from higher-mid to lowermid, and /øː/ is a lower-mid monophthong. It will also
be interesting to see if diphthongs occur, and if so, our
questions for /oː/ and /øː/ are similar to those for Lund.
2.3. Stockholm

The Stockholm accent used to have /ɛː/ merged into
/eː/ [7: 201], but this is reportedly on the way out,
being nowadays often realized as a separate vowel as
low as [æː] [13]; likewise, /øː/ was reported as [œː],
and /ɑː/ as [ɒː]. We will look for possible
confirmation or changes.
3. METHOD
Each of twenty-four speakers (eight from each town:
four females and four males) spoke 128 grammatical
Swedish sentences that ended in a target word that
received sentence focus. Each of the 9 long vowels

vowel charts, for all three varieties, although our
statistical test does not detect an overall effect.
Figure 1: The long vowels in Lund Swedish.
300
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yː

iː

ʉː

500
F1 (Hz)

appeared in four C0VːC and four C0VːCa(s) words,
and each of the 7 short vowels (all except /ʊ/, which
has a very restricted distribution) appeared in four
C0VCː and four C0VCːa(s) words (with another
consonant following Cː in a few cases; see data files
and scripts at http://www.fon.hum.uva.nl/archive/).
The start and end times of the vowels and the
following consonants were annotated with a TextGrid
in Praat [5]. The formants were analyzed at the 20, 50
and 80 percent points with the Burg algorithm in
Praat, using the following settings: time step 0.001 s,
number of formants 5.0, formant ceiling 5500 Hz for
women and 5000 Hz for men, analysis duration 0.025
s, and pre-emphasis from 50 Hz.
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øː
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4. THE LONG VOWELS

4.1. The long high vowels

The high vowels /iː/, /yː/, /ʉː/ and /uː/ have been
described to turn into a glide at the end, which is
mainly palatal for /iː/ and /yː/ and mainly labial for /ʉː/
and /uː/ [9, 4]. In the vowel charts this should lead to
a falling F1 in all cases, together with a rising F2 for
/iː/ and /yː/ and a falling F2 for /ʉː/ and /uː/. This
prediction is compatible with what we see in the
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Figure 2: The long vowels in Linköping Swedish.
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Figure 3: The long vowels in Stockholm Swedish.
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Figures 1, 2 and 3 show the median F1 and F2 values
at 20, 50 and 80 percent into the vowel, for the three
varieties (pooled over both equally present sexes and
over all following consonants). In statistical tests
below, we sometimes compute F1 diphthongization
as the change in F1 in going from the 20 to the 80
percent point. Tests are performed using linear
mixed-effects modelling in R [16, 2] with three to five
fixed effects: the binary predictor Sex (of the speaker;
female coded as -0.5, male as +0.5), the binary
predictor Voicing (of the following consonant;
voiceless coded as -0.5, voiced as +0.5), the binary
predictor Alveolarity (of the following consonant;
non-alveolar coded as -0.5, alveolar as +0.5), and
sometimes a ternary or binary predictor Variety or a
binary, ternary or quaternary predictor Vowel (coded
as needed). The models also have random slopes for
Alveolarity and Voicing (and, if included as a fixed
effect, Vowel) for each of the 24 speakers, and
random slopes for Sex (and, if included, Variety) for
each of the 128 words. The optimization criterion is
restricted maximum likelihood [1], and the numbers
of degrees of freedom are estimated with
Satterthwaite’s method [15]. The exploratory nature
of our study dictates that we generalize from p-values
above 0.001 only by hedging this with the auxiliary
“may”. Our analysis scripts contain more details.
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The front-gliding vowels /iː/ and /yː/ lie
remarkably close to each other. Both vowels are quite
central in Stockholm and to some extent in
Linköping, affirming Björnsten & Engstrand’s [3]
findings on the central nature of the “Lidingö-i”, a
“buzzing” [17] variant of this vowel. The average of
these two vowels is further front than /ʉː/ (Vowel
coded as F2 at 50%: p = 0.0006), an effect that may
be stronger in Lund than in the average of Linköping
and Stockholm (with Variety included in the model,
and coded as +2/3 for Lund and +1/3 for Stockholm
and Linköping; p = 0.028). Diphthongization of /ʉː/
may be produced strongest in Stockholm, possibly in
order to distinguish it from nearby /iː/ and /yː/.
The back vowel /uː/ seems to be the diphthong [ɨʊ]
or [ʉʊ] in Lund, which may still echo the traditional
Scanian diphthongs. In Stockholm, /uː/ may be less
closed than /iː/ (p = 0.0061) and /yː/ (p = 0.0061).
4.2. The long mid vowels

For all three varieties, /eː/ appeared to be the long
vowel that was most clearly diphthongized.
Especially in Linköping and Stockholm, the F1 of /eː/
rises from roughly 400 to 600 Hz. In these two
varieties, /eː/ also starts remarkably far front and
close, whilst strongly centralizing towards the end,
thus resulting in [iə] rather than [eə]. These results are
quite similar to those found on the pronunciation of
/eː/ by Bleckert [4: p.171] as far as F1 is concerned.
However, the starting F2 for Stockholm seems to be
much higher than in [4], suggesting that Bleckert’s
informants realized /eː/ less front.
As seen in Bruce’s [7] vowel chart for western and
southern Scanian diphthongs, one would expect Lund
/e:/ to be realized starting mid, raising to higher-mid
towards the end. Instead, the realization in Lund is
similar to that in Linköping and Stockholm, and
opposite to Bruce’s description. This can be due to the
ever-growing influence of Stockholm Swedish on the
rest of the country and the pressure coming from
standard Swedish that the Scanian varieties are under.
After /eː/, /oː/ has been reported to be next-most
amenable to diphthongization. Lund Swedish may
still show its Scanian roots, as /oː/ does not centralize
and seems to move more backward and/or less
forward than in the average of Linköping and
Stockholm, by 301 Hz in terms of F2, although this is
not statistically significant as measured by the effect
of Variety on F2 diphthongization (t[11.44] = -1.360,
p = 0.20). On the other hand, /oː/ is more strongly
vertically diphthongized in Stockholm than in the
average of Lund and Linköping, by 131 Hz in terms
of F1, which follows from the statistical test that
yields a significant ternary effect of Variety on F1
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diphthongization (t[17.73] = 3.973, p = 0.00092;
Variety was coded as +2/3 for Stockholm and +1/3
for Lund and Linköping).
For both /ɛː/ and /ø:/, no extreme diphthongization
is found. Whereas /ɛː/ and /øː/ appear to be moving
towards back and low in Linköping and Stockholm,
Lund seems to yet again show the opposite: instead of
a downward movement, the vowels seem to go up at
the end, perhaps showing their Scanian origin [7].
Apart from diphthongization, we have to note that
/ɛː/ and /øː/ are realized strikingly low in all three
varieties. Especially comparing these vowel charts to
the one by Engstrand [10], we can spot discrepancies
for both /ɛː/ and /øː/. Whereas Engstrand claimed
rounded /øː/ to be equal in height to unrounded /eː/
(higher-mid), /øː/ is instead realized as [œː] in all three
varieties, or even as [œ̞ː] in Stockholm. Looking at the
height of the front rounded vowel and at its patterning
with /ɛː/, there seems to be no reason to continue to
label it as /øː/: the label /œː/ seems generally more
appropriate. Similarly, /ɛː/, which Engstrand
classified as mid, is realized [æː]-like in all three
varieties. Most striking is that these realizations are
on a par with, if not lower than, the realization of /ɑː/,
which Engstrand considered to be clearly low. The
low realizations for /ɛː/ and /øː/ are not surprising for
Stockholm, because Kotsinas [13] already noted
them; the present study, however, shows that these
lower pronunciations have spread across the country.
4.3. The long low vowel

The so-called low vowel /ɑː/ may actually be higher
than /ɛː/ in all three varieties, suggesting that it is
indeed (close to) [ɔː] (0.005 ≤ p ≤ 0.014). Confirming
[9, 10], /ɑː/ does not seem to diphthongize, but like
/øː/ it could benefit from a labelling update.
5. PHONOLOGICAL CONTEXT
The mixed-effects models do not show reliable
influences of phonological context, i.e. whether the
following consonant was voiced or voiceless and
whether it was alveolar or not, on the degree of F1 or
F2 diphthongization.
6. CONSONANT AND VOWEL RATIOS
For the three cities under scrutiny, we computed the
durations of all vowels and the following consonants.
The mean durations were mostly similar in all three
places, though both short and long consonants
seemed to be lower in duration in Linköping than in
Stockholm and Lund. The average consonant
duration ratios (Cː/C) were computed as 1.297 for
Linköping, 1.214 for Lund and 1.232 for Stockholm.

The vowel ratios were calculated in similar
fashion and also appeared to be relatively close to
each other. The Vː/V ratios for Linköping, Lund and
Stockholm were 1.698, 1.751 and 1.696 respectively.
All consonant and vowel ratios are shown in Fig. 7.
Figure 7: Vowel and consonant ratios for
Linköping, Lund and Stockholm.

the realizations of /ɛː/ and /øː/ are strikingly low. /ɑː/
does not diphthongize, but is realized slightly higher
than anticipated.
On the basis of the vowel charts of the three
varieties, we would like to propose a division of the
Swedish long vowels in which we no longer have four
long-vowel heights but only three: high for /iː yː ʉː uː/,
mid (or higher-mid) for /eː oː/, and low (or lowermid) for /ɛː œː ɔː/ (or /æː ɶː ɒː/). Fig. 8 shows the long
vowels, with the medians of Figs. 1–3 averaged over
the three varieties and the three measurement points.
Figure 8: Average vowel chart for Swedish.
300
iːyː ʉː

400
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These results are very similar to earlier findings by
Schaeffler [18]. The consonant ratios are very low
(close to 1) for these three varieties of Swedish,
making the label “geminate” for the long consonants
doubtful. The vowel ratios are greater, but not close
to 2. We could therefore expect that third cues, such
as vowel quality and diphthongization, have become
important cues for the binary syllable contrast in all
three varieties.
7. DISCUSSION
In conclusion, high vowels glide slightly, with /ʉː/
diphthongizing strongly in Stockholm, possibly to
distinguish itself from close /iː/ and /yː/, which are
strongly central [3]. As for higher- and lower-mid
vowels, /eː/ shows centralizing diphthongization in all
three varieties; /oː/ shows clear diphthongization in
Stockholm and perhaps a slight shift backwards in
Lund, as expected on the basis of work by Bruce [7].
Interestingly, /oː/ does not diphthongize in Linköping,
even though most literature [8, 14, 7, 17] stated that
higher-mid vowels tend to centralize. Bleckert
[4: 175] did consider Linköping to be a variety with
predominantly monophthongal vowels, but this does
not correspond with the clear diphthongization of /eː/
that we found. Whilst Eklund & Traunmüller [8]
excluded /ɛː/ and Bleckert [4] excluded /øː/ from the
diphthongizing vowels, both vowels seem to
diphthongize a little in all three varieties. However,
1

This paper is an abridged and corrected version of the
first author’s BA thesis.
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As far as further research is concerned, most
opportunities lie in the extent of including more
varieties of Swedish and examining their consonant
ratios. For this study, the consonant ratios for all three
varieties lie around 1.2, meaning that the “long”
consonant is only slightly longer than the “short”
consonant. The vowel ratios for all three varieties lie
around 1.7. These results are in line with earlier
findings by Schaeffler [18]. However, in order to
truly measure the influence of the consonant ratio on
diphthongization, a variety from either the north of
Sweden or Swedish-speaking Finland with a
relatively high consonant ratio should be included. As
all three varieties with a low consonant ratio show
signs of diphthongization, it would be interesting to
see whether diphthongization is equally prevalent in
varieties with higher consonant ratios. Nevertheless,
this study functions as a stepping stone for additional
research including other varieties of Swedish to
broaden the sample and further investigate the
importance of consonant duration in relation to
diphthongization.
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ABSTRACT

ter match to the target.
Speakers are sensitive to a variety of acoustic features of the speech target, including amplitude [2],
pitch [6], formant frequencies [11, 24], and relationships between syllable-timing and formant frequencies [8]. Further, the degree to which speakers
may compensate for altered feedback is not determined solely by the magnitude of acoustic difference from the auditory target. Speakers adapt more
as the perturbation threatens to produce a different category, indicating that a speaker’s categorical
perceptual boundaries modulate response to altered
feedback [21]. Further, speakers may not respond
equally to perturbations in all vowels [15, 22]. Taken
together, these results indicate that adaptation, and
more generally the way that speakers gauge whether
they have reached their speech targets, is at least in
part dependent on phonology.
Here, we test whether syllable stress affects adaptation, particularly in schwa ([@]). In English, unstressed vowels reduce, or take on a phonetic form
that is qualitatively different from the full form that
emerges if the vowel occurs in a stressed or more
prominent position in a word. Unstressed vowels are
typically produced closer to the center of the vowel
space and have shorter durations than stressed vowels [17], and many unstressed vowels surface as [@].
The phonetic and phonological representation of
schwa is debated cross-linguistically. Phonetically,
schwa is observed to be highly variable in Dutch
[14, 3] and English, possibly due to coarticulation
[10] rather than random variation. This variability
has provided evidence for the phonological underspecification of schwa; a study of British English determined schwa to be specified for [height] but not
[backness] [13]. However, there is some evidence
that, at least in certain contexts, schwa may have a
specified target. X-ray data of articulation of schwa
in non-words of the form ["pVp@pVp] suggests that
it may be possible to define a specific average articulatory target for schwa by calculating a mean
tongue-body position [5]. The same study found
that phonetic context did not predict tongue-body
position for any given schwa, and that the position
appeared to be “warped by an independent schwa

Schwa is cross-linguistically described as having
a variable target (e.g. Koopmans-van Beinum
1994). The present study examines whether speakers are sensitive to auditory feedback when producing schwa. When speakers hear themselves producing a version of their speech where formants have
been altered, they will change their motor plans online so that their altered feedback is a better match to
the target (e.g. Houde & Jordan 1998). If schwa has
no target, then feedback mismatches may not drive
a change in production.
In this experiment, participants spoke disyllabic
iambs and trochees where the auditory feedback of
F1 was raised by 100 mels. Both stressed and unstressed syllables showed compensatory decreases
in F1, with comparable levels of adaptation in schwa
and stressed vowels. However, across different vowels, the magnitude of adaptation in schwa was highly
dependent on that of the heterosyllabic vowel, consistent with the idea that schwa is highly assimilatory.
Keywords: phonological categories, stress, reduction, speech production.
1. INTRODUCTION
We listen to ourselves while we are talking, and we
use this auditory feedback to ensure that our productions match our auditory expectations. In experiments that alter subjects’ auditory feedback in
real time, speakers change their speech in opposition to the alteration. When the feedback alteration
is unpredictable, speakers compensate by adjusting
their speech acoustics to counteract the alteration
within a single syllable [24]. When feedback is altered consistently, speakers adapt, learning to adjust
their motor plans in a temporary remapping that persists even after feedback is returned to normal [11].
Compensation and adaptation are thus evidence that
the speech target is to some degree acoustic or auditory: when speakers hear themselves producing
speech that does not match the target, they change
their articulation so that their productions are a bet-
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Stimuli were randomized within 20-trial blocks.

component.” Further, in some dialects of English,
schwa’s target may depend on word position, where
word-final schwas may be more central and nonfinal schwas may be higher [9].
While the effect of stress on adaptation to an altered formant has not been directly tested, stress may
have an effect on compensation in the suprasegmental tier. In an altered auditory feedback experiment
employing both upward and downward shifts of f0
[19], native German speakers repeated the nonsense
string [tatatas] with primary stress on either the first
or second syllable. Compensation was highly dependent on syllable position, but initial syllables
only showed compensation when they were stressed,
so this may have been an effect of the additional
length that accompanies stress. The effect of stress
on adaptation is therefore not entirely clear.
When speakers adapt to altered feedback, they
change the way they are speaking so that they
hear themselves producing what they expected to
hear: the altered feedback introduces an “error” that
speakers correct for. If schwa has a variable target, then adaptation may not occur. Without a stable
acoustic or articulatory target, the altered feedback
may not produce a mismatch that speakers must correct for. In this study, we use a sensorimotor adaptation paradigm to examine whether an increase in
F1 feedback drives a decrease in the produced F1 of
schwa that is comparable to that of stressed vowels.

2.3. Procedure

Participants were seated in front of a computer and
wore a head-mounted microphone and circumaural
headphones. In each trial, one of the five stimulus
words was pseudorandomly selected and displayed
on the screen, and participants read it aloud. As
they spoke, they heard their feedback over the headphones. After each 20-trial block, participants received a self-timed break.
The alteration occurred in six phases. In the first
baseline phase (pre-task: 50 trials), feedback was
not shifted, and participants heard noise that masked
their feedback (77 dB). In the second baseline phase
(baseline: 110 trials), noise (55 dB) was mixed with
feedback so that participants could hear their own
unaltered feedback over headphones, but their bone
conductive and ambient hearing was masked. During the ramp phase (20 trials), a +5 mel perturbation was applied to F1, which linearly increased
throughout the phase so that speakers were gradually acclimated to a +100 mel shift. During the hold
phase (250 trials), the +100 mel perturbation was
sustained. A post-perturbation noisy phase (posttask: 50 trials) identical to the pre-task phase tested
how much speakers had adapted their motor plans
by again masking auditory feedback. Finally, a
washout phase (20 trials) identical to the baseline
phase re-acclimated speakers to their normal feedback. All feedback resynthesis was done in Audapter [7, 23].

2. METHODS
2.1. Participants

2.4. Analysis

Seventeen (fifteen female) students at the University of Wisconsin–Madison participated in this
study. All procedures were approved by the Institutional Review Board at the University of Wisconsin–
Madison. Participants were paid $10/hour or received course extra credit. The experiment lasted 45
minutes on average.

For each spoken trial, vowel onsets and offsets were
manually marked to delineate the first and second
syllables. In each vowel, F1 and F2 were tracked
every 5 ms using Praat [4] via the wave_viewer analysis package [20]. Formant values from the middle
20% of each vowel were averaged to obtain single
values to represent the vowel.
The analysis considers how F1 changed during
the hold phase in comparison with the baseline values. A separate baseline was computed for each
word and syllable (e.g. separate baselines for the
first and second syllables of “abate”). The baselines
were calculated as the F1 mean across trials of a
given word and syllable in the baseline phase. The
means were subtracted from their matching vowels in the hold phase to determine the change in
F1 that occurred for each vowel in each utterance.
For example, the normalized F1 of the schwa in
“abate” was determined by subtracting the mean of

2.2. Stimuli

Stimuli were chosen to address foot type, syllable
order, and vowel quality: the pair “beta” ["beiR@] and
“abate” [@"beit^], the pair “meta” ["mER@] and “adept”
[@"dEpt], and to disentangle the effect of vowel quality apart from stress, “above” [@"b@v]. Here, we use
the phonetic symbol [@] in both syllables of “above”
to indicate that these vowels are acoustically similar
(< 40 Hz difference in F1 and F2 in our data). The
local dialect of English has no words of the form
"(C)@C@, so it was not possible to additionally extricate the role of syllable position for this vowel.
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example, schwa in “adept” was labeled as unstressed
[E].
Stress was a significant predictor in the model
(p < 0.001). Syllable position and quality of the
stressed vowel (both p < 0.001) were also significant predictors.
Given these main effects, Tukey post hoc comparisons were performed to investigate effect direction
as well as within-category differences in marginal
means of sub-categories (e.g. stress while holding
syllable position and vowel quality constant). Decreases in F1 were significant for both stressed and
unstressed vowels in both syllable positions, evidence of across-the-board adaptation to the formant
alteration. Participants lowered F1 an average of 6
Hz more in unstressed vowels than in stressed vowels, and 8 Hz more in final than initial syllables.
For the three stressed vowels under investigation, the
magnitude of F1 lowering in [ei] was found to be 7
Hz less than in [E], and this magnitude in [E] was 7.5
Hz less than in [@]. Within all three vowel contexts,
the unstressed vowel adapted significantly more than
the stressed vowel.
While F1 changes differed significantly between
stressed and unstressed syllables, the quality of the
stressed vowel exerted a greater effect on the magnitude of that change than stress alone: F1 changes in
the unstressed vowel patterned with F1 changes in
the heterosyllabic vowel. Thus the unstressed vowels in “abate” and “beta” showed evidence of adaptation of a similar magnitude to that of the stressed
vowels in those words, and this adaptation was significantly less than the adaptation of the unstressed
vowels in [E] words, which was also significantly
less than the adaptation of the unstressed vowel in
the [@] word (“above”).
Finally, we ran a separate analysis to determine
the effects of online compensation by considering
the change in F1 during the noise-masked post-task
phase. Because there were substantial differences in
F1 between pre/post-task and main conditions (see
Figures 1 and 2), the pre-task phase served as a base-

all schwas occurring in the word “abate” in the baseline phase from the computed F1 values of each
schwa occurring in the word “abate” in the hold
phase.
3. RESULTS
F1 values normalized to the baseline phase are
displayed in Figures 1 and 2. Over the course of the
experiment, participants decreased their F1 by an
average of 39 Hz in opposition to the F1 increase
in their auditory feedback. This adaptive shift in
vowel production was found for both initial and
final syllables (Figure 1) as well as for both stressed
and unstressed vowels in both syllable positions
(Figure 2).
Figure 1: Average of all vowels and stresses
across subjects, normalized to baseline and averaged in 10-trial bins in syllable 1 (left) and syllable 2 (right). Vertical lines indicate phase divisions. Green patches indicate trials with masking
noise.

Figure 2: Adaptation by stress and syllable position. Trials were averaged within 50 equal-sized
bins. Same patching as in Figure 1.

Figure 3: Mean change in F1 from pre- to posttask for all vowel and stress conditions. Standard
error bars shown.

Normalized F1 (Hz)

0

An ANOVA was run in Matlab [18] predicting
baseline-normalized F1 during the entire hold phase
with subject as a random factor and with stress, syllable position, and vowel quality as fixed effects. In
all analyses, unstressed vowels were labeled with the
vowel quality of the stressed vowel in that word; for
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ei

is, adaptation is planned in the heterosyllable, and
schwa is adapted in that direction. This is consistent
with the finding that schwa is subject to coarticulatory pressures from either a preceding or following
stressed vowel [10]. However, this theory, too, does
not account for the greater adaptation seen in schwa.
When speakers adapt to altered auditory feedback, the acoustic mismatch is not the only force determining adaptation. Speakers are also sensitive to
somatosensory information [1] and speakers likely
differ in how they weight auditory and somatosensory feedback, with some responding more to auditory and some responding more to somatosensory feedback mismatches [12, 16]. Articulation in
schwa has little constriction at all, and speakers who
change their articulation to adapt to altered auditory
feedback may be less sensitive to the somatosensory
mismatch that results. If adaptation is determined
at the lexical level, and if the somatosensory feedback mismatch is indeed less informative for schwa,
then this type of feedback may not interfere with
the adaptation in schwa. These differences in tactile
feedback may also explain the between-vowel differences observed in the stressed vowels, where the
most constricted vowel [ei] had the smallest change
in F1, and [@] had the greatest change.
Finally, the elimination of the syllable position effect for words produced in loud masking noise suggests that the increased adaptation in final syllables
was due to online compensation that occurred while
speaking rather than trial-to-trial adaptation. That is,
in the hold phase, participants could take advantage
of auditory feedback during the first syllable to adjust their F1 in the second syllable.

line for these trials, which were also produced in
noise. Productions were re-baselined by word and
syllable by subtracting the pre-task baseline. An
ANOVA with the same fixed and random effects
showed significant main effects of both stress and
vowel (p < 0.001), but the effect of syllable was
eliminated (p = 0.12). Post hoc Tukey tests showed
that decreases in F1 were, on average, 13 Hz greater
in unstressed vowels than in stressed vowels. Again,
adaptation in unstressed vowels patterned with the
stressed heterosyllabic vowel, and again adaptation
was significantly greater in the unstressed vowel
in all words. Mean baseline-normalized F1 for all
vowel and stress conditions is shown in Figure 3.
4. DISCUSSION
It was hypothesized that if schwa does not have a target, speakers would not adapt to the altered auditory
feedback during the production of schwa as much as
during the production of a stressed vowel. This experiment found that unstressed vowels adapted significantly more than stressed vowels, albeit by a difference of 6 Hz. The reliability of the adaptation in
schwa alone would suggest that schwa does indeed
have a target. However, adaptation in schwa was
significantly affected by the quality of the vowel in
the stressed syllable, suggesting that adaptation in
schwa is dependent on phonetic context.
The results suggest that schwa must not be entirely targetless, but they also raise a question about
how the target is phonetically defined, given that the
adaptation in schwa was dependent on the phonetic
environment. Schwa may not have an intrinsic target, but it may acquire a target from surrounding
context.
One theory considers lexical effects. During this
experiment, a constant 100 mel upward shift was applied to F1, and the same shift was applied to every
vowel in every word. It is possible that size of adaptation is planned at the word level rather than vowel
level. Under this theory, the stressed vowel determines both the amount of adaptation and the target
for the unstressed vowel. This theory alone would
not account for greater changes to unstressed than to
stressed vowels.
Another possibility is that, rather than acquiring a
specific target from surrounding context, schwa is
susceptible to coarticulatory pressures or attracted
to nearby stressed vowels. Under this second theory, the adaptation that occurs in schwa is not due
to mismatch between auditory feedback and intrinsic target, but rather that schwa shifts in the direction
of the preceding or upcoming adapted vowel. That

5. CONCLUSION
This study found significant adaptation to altered auditory feedback in schwa. The quality of the stressed
vowel in the same word was a predictor of the magnitude of adaptation in schwa: adaptation in an unstressed syllable closely followed adaptation in the
stressed vowel in the same word. This may suggest
either that schwa does not have an intrinsic target, or
that schwa is highly assimilatory. Future studies will
be designed to distinguish between these theories by
applying different alterations to schwa and other syllables, or by using stimuli with multiple stresses.
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ABSTRACT
This paper studies the production of Estonian vowels
in three quantity degrees by Spanish L1 learners of
Estonian. The Estonian vowel system includes 9
vowels /i, y, e, ø, æ, ɑ, o, ɤ, u/ while the Spanish vowel
system has 5 /i, e, a, o, u/. Estonian has a rather
complex three-way quantity system whereas in
Spanish there are no phonological length oppositions.
Twenty-two native speakers of Spanish
participated in a reading task. As a control group ten
native speakers of Estonian were recorded.
The results showed that Spanish speakers did not
distinguish between Estonian close-mid vowels (/ø,
ɤ/) but produced instead an ambiguous mid-vowel.
Also, the Estonian vowels /æ/ and /ɑ/ were merged
into Spanish /a/. The results improved with more
exposure to the target language. Additionally, the
vowels produced by Spanish speakers were
significantly longer.
Keywords: Estonian vowels, Spanish, L2, duration.
1. INTRODUCTION
Second language (L2) acquisition theories suppose
that L1 has an important role in language acquisition.
According to the Speech Learning Model (SLM)
acquiring L2 categories that are new compared to L1
is easier than acquiring those that are similar to the L1
categories [1], [2]. Also, the Perceptual Assimilation
Model (PAM) relies on the phonetic similarity in
order to make predictions about the acquisition of L2
contrasts [3]. Furthermore, the Native Language
Magnet (NLM) theory proposes that L1 categories are
represented in long-term memory as prototypes and
in case of L2 acquisition the L1 categories act as
perceptual magnets by assimilating nearby categories
[4], [5].
Spanish has 5 vowels /i, e, a, o, u/. The Estonian
vowel system is more crowded, including 9 vowels /i,
y, e, ø, æ, ɑ, o, ɤ, u/. The vowels /i, u, e, o/ are identical
in both languages, while Estonian /æ/ and /ɑ/ are
similar to Spanish /a/, and Estonian /y, ø, ɤ/ do not
have counterparts in Spanish [6], [7].
Estonian has a complex three-way quantity system
consisting of short (Q1), long (Q2) and overlong (Q3)
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quantity degrees. The Estonian quantity combines the
segmental duration and tonal features while Spanish
does not have a phonological length opposition. The
Estonian quantity can be described by the duration
ratios of the first and second syllable which typically
are 2/3 in a Q1 foot, 3/2 in a Q2 foot, and 2/1 in a Q3
foot [7]–[11]. The quantity also has an effect on
vowel quality which ranges from more central in Q1
to more peripheral in Q2 and Q3 [12], [13].
The Spanish speakers’ production of L2 vowels
has been studied based on different languages but the
main focus has been on English. It was found in [2]
that Spanish speakers produced English /ɛ/ and /æ/ as
Spanish /e/ and /a/. The production of English /i/ and
/ɪ/ was shown to be difficult for Spanish speakers
regardless of their experience with English [2], [14],
[15].
In addition to the acquisition of L2 vowels the
acquisition of prosodic contrasts has been studied as
well. A study conducted by [16] showed that Spanish
speakers were less successful in perceiving the
Swedish quantity than the Estonian and English
speakers.
Studies on the acquisition of Estonian vowels by
L2 speakers have shown that the production of /y, ø,
ɤ, æ, ɑ/ is problematic for L2 speakers of Estonian
(for more details see [17], [18]). The results of a
previous study [19] showed that Spanish speakers
have difficulty producing the vowels /ø/ and /ɤ/ which
were produced as an ambiguous mid-vowel. Also, /æ/
and /ɑ/ were assimilated into one category and
produced as Spanish /a/. However, the longer the
Spanish speakers had studied Estonian the closer their
vowels were to the Estonian L1 speakers’ production.
It is hypothesized that Spanish speakers with a
shorter length of residence (LOR) reduce all Estonian
vowels to the Spanish vowel categories and those
with a longer LOR are capable of creating new
categories. However, the acquisition of new
categories might be difficult due to similarities
between the new and existing categories (e.g. /ø, ɤ/,
/æ, ɑ, a/). Additionally, it is expected that Spanish
speakers find it difficult to produce durational
distinctions of the Estonian vowels.

2. MATERIALS AND METHODS
A reading task was carried out using SpeechRecorder
software [20] in a soundproof recording booth at the
phonetics lab of the University of Tartu. The reading
task formed part of a larger experiment. Another part
of the experiment has been reported in [21].
2.1. Participants

Twenty-two native speakers of Spanish (11 females
and 11 males) from different Spanish speaking
countries (Spain (11), Colombia (5), Mexico (4),
Honduras (2)) participated in the experiment. The
Spanish L1 participants were between 20 and 46
years old (mean 30.45). They had learned Estonian
and lived in Estonia from one month to 16 years
(mean duration of studies 1.9 years, mean length of
residence 3.2 years).
Due to the small number of Spanish L1 learners of
Estonian, it was impossible to control the duration of
study, LOR and country of origin of the participants.
The whole Spanish speaking community of Tartu
participated in the experiment. As the quality of
vowels is remarkably stable in different dialects of
Spanish [7], [22], the varying dialectal background of
the participants was not considered a problem.
As a control group 10 native speakers of Estonian
(5 females and 5 males) were recorded. The Estonian
L1 participants were between 23 and 55 years old
(mean 29.5). All Estonian participants spoke standard
Estonian.
2.2. Test procedure

The participants were asked to read sentences from
the computer screen. Every sentence included a
CV(ːː)CV structured test word (see Table 1). The
sentences were presented to the participants in
random order. In total 81 sentences were recorded (9
vowels x 3 quantity degrees x 3 test words for each
category). The first syllable vowel of the test word
was analysed.
2.3. Data analysis

A Praat script based on the method described in [23]
was used to measure the first three formants of the
central 60% of the vowel. The formant values were
determined 201 times in 10 Hz steps between 45006500 Hz for women and between 4000-6000 Hz for
men. Grouping by speaker and vowel, the ceiling with
the lowest variation was chosen to be the optimal
ceiling. The formant values were log-scaled and
normalized to z-scores.
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The statistical analysis was carried out in R using
lme4 [24]. The Euclidean distance was measured to
evaluate the acquisition of vowel categories (see
Section 3.2.). Linear mixed-effects models were fitted
to analyse the effect of language experience (see
Table 2) and the acquisition of duration patterns (see
Section 3.3).
Table 1: An example of the sentences presented to
the participants in the reading task.

Test word
sada [sɑtɑ]
‘hundred’
saada [sɑːtɑ]
‘to send’
2SG, IMP
saada [sɑːːtɑ]
‘to become’
INF

Sentence
Mehel on sada eurot.
‘The man has a hundred
euros’
Palun saada talle sõnum.
‘Please send him/her a
message
Tüdruk tahab saada
politseinikuks.
‘The girl wants to become
a police officer’
3. RESULTS

3.1. Vowels in F1-F2 space

There are no significant differences between the two
groups of participants in the production of /i, u, e, o/
which are identical categories in both languages (see
Figure 1). Greater variation can be seen in the
production of /y, ø, æ, ɑ, ɤ/.
Spanish L1 speakers have created a new midvowel for the Estonian /ø/ and /ɤ/ which is different
from any Spanish vowel category. Within this new
category Spanish L1 speakers do not distinguish /ø/
and /ɤ/ in the production and there is some overlap
with /o/. A similar tendency can be seen in case of /æ/
and /ɑ/ which are merged into Spanish /a/. The
greatest variation occurs in the production of /y/
where the ellipse extends from /i/ to /u/.
The short vowels produced by the Estonian L1
speakers are located in the more central and the long
and overlong vowels more peripherical area of the
vowel space (see Figure 1). No such tendency occurs
in the production of the Spanish L1 speakers.
3.2. Length of residence (LOR) and L2 use

The Euclidean distance of Spanish speakers’ vowels
from Estonian speakers’ mean values was calculated
in order to measure how well the Spanish speakers
have obtained the Estonian vowel categories.
A linear mixed-effects model was fitted to analyse
the effect of L2 use, the duration of study and LOR
on the vowel production.

Figure 1: Estonian vowels produced by Estonian L1 and Spanish L1 speakers grouped by mother tongue. The points
marked as vowels are the means, the colour of the vowel marks the quantity (black – Q1, blue – Q2, red – Q3), the
ellipse shows standard deviation.

Prior to the analysis the participants were divided into
two groups according to their L2 use: those who use
Estonian daily and those who do not.
The optimal model evaluates the distance of L2
production from the L1 groups’ as a function of the
vowel (only new vowel categories were included /æ,
ɑ, ɤ, ø, y/) and L2 use (yes/no) (see Table 2). The
effect of the speaker was added as a random factor.
The intercept of the model corresponds to the distance
of vowel /æ/ of the Spanish speaker who does not use
Estonian daily. Factors such as test word, gender,
duration of study and LOR were not significant and
were therefore excluded from the model. Although
L2 use as a main factor was not significant, the
interaction of L2 use and vowel was the strongest
compared to the interactions of duration of study and
vowel, and LOR and vowel. Therefore, L2 use was
included in the optimal model.
Figure 2 shows the effect of L2 use on the
production of new vowel categories. The production
of the participants who use Estonian daily is closer to
the target vowels than the production of those who do
not use Estonian daily. The greatest effect is seen in
case of /ɑ/, /ø/ and /y/ which also have the strongest
interaction according to the model.
3.3. Vowel duration

The duration of stressed syllable vowels in the three
quantity degrees was measured. A linear mixedeffects model was fitted to evaluate the effect of L1
and quantity on vowel duration.
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Table 2: Linear mixed-effects model evaluating the
distance of L2 production from that of the L1 group.
Fixed
effects
Intercept
Vowel /ɑ/
Vowel /ɤ/
Vowel /ø/
Vowel /y/
L2 use yes
Vowel /ɑ/:
L2 use yes
Vowel /ɤ/:
L2 use yes
Vowel /ø/:
L2 use yes
Vowel /y/:
L2 use yes

Estimate

t value

Pr(>|t|)

0.404
0.369
0.154
0.405
0.926
0.093
-0.321

Std.
Error
0.063
0.054
0.054
0.054
0.054
0.09
0.077

6.39
6.81
2.82
7.48
17.1
0.99
-4.19

< 0.001
< 0.001
< 0.01
< 0.001
< 0.001
0.33
< 0.001

0.001

0.077

0.01

0.99

-0.192

0.077

-2.51

< 0.05

-0.630

0.077

-8.22

< 0.001

L1 has a statistically significant effect on the vowel
duration (F(1, 30) = 20.5, p < 0.001): the vowels
produced by the Spanish L1 speakers have a
significantly longer duration and there is more
variation compared to the Estonian L1 speakers.
Also, the quantity (F(2, 77717) = 17914.1, p <
0.001) and the interaction of L1 and quantity (F(2,
77717) = 528.6, p < 0.001) turned out to be
statistically significant factors.
Another linear mixed-effects model was fitted to
analyse the effect of language experience on Spanish

Figure 2: Euclidean distance from L1 vowels grouped
by L2 use (green – do not use Estonian daily, blue –
daily users of Estonian) and vowel.

Figure 3: The duration of stressed syllable vowels
grouped by mother tongue (green – Estonian L1, blue –
Spanish L1) and quantity degree.
Stressed syllable vowels
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400
300
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speakers’ results. Factors such as duration of study,
L2 use and LOR were not significant.
The Spanish L1 speakers distinguish between two
categories of length: short (mean duration123 ms) vs
long (Q2 194 ms, Q3 194 ms), whereas the Estonian
speakers have three clear categories: short (73 ms)
long (130 ms), and overlong (158 ms) (see Figure 3).
All the vowels produced by the Spanish speakers are
significantly longer compared to the Estonian L1
productions.
4. DISCUSSION
Previous studies have shown that Spanish learners
find it difficult to acquire new L2 vowel categories
[2], [14], [15]. The results of this study are in line with
previous results [19]: for a Spanish L1 speaker the
most difficult categories to acquire are the Estonian
/y, ø, æ, ɑ, ɤ/.
The vowels produced by Spanish L1 speakers
seem to cluster around the five Spanish vowel
categories as predicted by the Native Language
Magnet theory [4], [5]. There is some overlap of /ø,
ɤ/ with /o/, /æ, ɑ/ with /a/ and /y/ with /i, u/. With
respect to the acquisition of new categories the vowel
/y/ appears to be the first new category that Spanish
L1 speakers start to produce (see the stretched ellipse
in Figure 1). The production of vowels /ø/ and /ɤ/
seems to be the most difficult for Spanish speakers as
the ellipses overlap greatly.
As Estonian is a quantity language, the duration of
vowels is influenced by the quantity. The Spanish
speakers differentiate short vowels from long and
overlong but compared to Estonian speakers the
vowels are longer. As expected, the Spanish speakers
do not distinguish long and overlong vowels as these
were produced with a similar duration which is in line
with the results of a previous perception test [21].
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long

overlong

The quantity also has an effect on the vowel quality,
the short vowels produced by the Estonian L1
speakers are located in the more central, and the long
and overlong vowels in the more peripherical area of
the vowel space, as also found in [12], [13].
The results of [19] showed a positive effect of
duration of study on the production of Estonian
vowels. In the present paper, the duration of study and
LOR were not generally statistically significant
factors. However, L2 use had a significant effect only
on some of the vowels (/ɑ/, /ø/ and /y/). It is shown in
[25] that across different studies the effect of LOR
varies and in about half of the studies LOR did not
have an effect on the results. Also, it is argued that
LOR might affect some aspects of language more
than others (for more details see [25]).
5. CONCLUSIONS
The results of a production experiment testing the
acquisition of Estonian vowel categories showed that
the Spanish L1 speakers do not distinguish Estonian
vowels /ø/ and /ɤ/ and produce instead an ambiguous
mid-vowel. Also, the production and differentiation
of /æ/ and /ɑ/ was problematic and these vowels were
merged into Spanish /a/.
To some extent, the Spanish L1 participants with
greater experience of Estonian produced vowels
closer to the Estonian L1 target vowels. The language
experience did not have an effect on the production of
durational distinctions.
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ABSTRACT

2. THE GENERAL LAYOUT OF THE
INTERFACE

We describe a computer application based on the
program Praat[2] that offers teachers and students
the possibility to get more insight into Fourier synthesis and -analysis without using formulas. In the
application the Fourier components are represented
as pure tones. All kinds of relations between sums
of pure tones can be synthesized, visualized and listened to. The number of tones as well as their frequencies and phases can be varied at will. The program, among others things, makes it straightforward
to demonstrate visually and audibly that sums of
harmonically related tones always generate periodic
sounds, and sums of non-harmonically related tones
do not. As a link to the importance of the amplitude
spectrum in speech analysis, the ear’s insensitivity to
phase can be demonstrated by generating an infinite
number of different wave forms that nevertheless all
sound the same.

Figure 1: Initial view.

Fig. 1 shows the program’s main window, where
the important parts of its interface have been outlined with four rectangular boxes numbered 1 to 4.
Box 2, at the top right, is the central part of the
interface as it shows the synthesized sound. With
default settings the first 0.03 s of a periodic sound of
0.5 s duration are shown. This happens to be exactly
three periods. A left mouse click in the sound rectangle plays the total synthesized sound of 0.5 s duration. Playing only 0.03 s of the sound would result
in a short plop-like sound whose frequencies cannot
be very accurately analyzed by our ears.1 In the figure it is easy to see that each period lasts 0.01 s and
that its fundamental frequency is 100 Hz. The vertical amplitude scale for this particular synthesized
sound varies between -1.8 and +1.8.

Keywords: interactive phonetic education, periodicity, spectrum, sine function, speech synthesis,
speech analysis.
1. INTRODUCTION
Explaining to students of linguistics the elements of
spectral analysis and synthesis is not easy. A lot of
terminology from physics and mathematics is generally needed which is outside the domain of linguistics. Fourier applications on the internet usually are
too technical or do not connect to perception; some
examples are [1, 3, 4, 5, 6]. Our application improves on what is available by always having a link
to perception. It uses sounds in order to facilitate
the insight into spectral analysis and synthesis and it
doesn’t need the formulas to do so. In the current
version the application is implemented as a demo
script which runs on top of the program Praat[2].
The application’s main function is to facilitate the
understanding of synthesis and analysis of complex
sounds from simple sinusoidal components by linking them to perception. Before we describe its possibilities, we first have to introduce its interface.

The sound in box 2 has been synthesized from the
two components which are displayed in box 3 below it. These two components are exactly lined up
with the synthesized sound and have an amplitude
scale which is not shown because it is always fixed
between -1.0 and +1.0. At the right of each component we show the sine function of the corresponding component. For example for the first component
it reads 1.0sin(2π 100t) and it can be easily verified from the figure that this formula describes a pure
tone of 100 Hz because one period lasts 0.01 s. We
think these formula’s are almost inevitable as they
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sis parameters.

describe the form of each frequency component as
a function of time while their frequency is also displayed (in blue colour because we use colour coding
as will be explained further on). As was the case for
the synthesized sound, a simple left mouse click in a
component’s rectangle plays the corresponding tone
of 0.5 s duration. In summary, the boxes 2 and 3
together show Fourier synthesis.
Box 1 shows the amplitude line spectrum of the
sound displayed on a linear frequency scale as well
as on a linear amplitude scale. We have limited the
upper frequency to 1000 Hz for the same reason as
we limited the view in box 2 to 0.03 s: the important
things should be easy to see. We deliberately show
the line spectrum in order not to confuse people
since the real spectrum can have different appearances depending on whether the components do or
do not “fit” in the duration of the sound. The vertical
scale is linear to have a clearly visible relation with
the corresponding amplitudes of the components in
box 3. Box 1 and 2 together show Fourier analysis
and therefore we have Fourier analysis and Fourier
synthesis represented in the same interface. We will
now explain the settings of the controls in box 4 and
later extend the information about the parts we have
just discussed.

3.1. Varying “Number of components”
Figure 2: Interface detail. How two components
add up at time 0.0025 s.

As the name suggests, this control offers the possibility to set the number of components used to synthesize a sound. In Fig. 1 the default number of components was set to only 2. In box 3 there is enough
vertical space to display maximally eight components. If we choose more than eight components
only the first seven components will be displayed
separately and the accumulated contribution of the
rest of the components will be displayed in the slot
of the “eight” component.
In Fig. 2 we show how synthesis works for a
sound synthesized from two components: synthesis
is adding amplitudes of components time-point by
time-point. The text above the sound in box 2 shows
that it is the sum of two components: “Synthesized
sound (=c1 +c2 )”. With a left mouse SHIFT-click in
this sound, a vertical cursor hair will be shown that
runs from the top of the sound in box 2 vertically
down to the bottom of the highest component in box
3. Here the current time at the cross hair is displayed. At the position where the cursor hair crosses
a sound’s amplitude function, a red dot will be displayed (we don’t display the actual amplitude values as this would clutter the interface). In the figure
there are three of these dots: the amplitude of the
synthesized sound at the cursor hair is the sum of
the amplitudes of the components at the corresponding red dot positions. This is easier to see if we only
use two components. By SHIFT-clicking at a suit-

3. THE SETTINGS OF THE CONTROLS
In the settings part of the program, box 4 in Fig. 1,
five rounded gray rectangles are present, each one
with a label on top. These labels read, from top
to bottom, “Number of components”, “Amplitude of
component (Pa)”, “Frequency of component (Hz)”,
“Shift of component” and “Play new / again”. The
top four are used to vary the four parameters needed
to synthesize a sound from multiple sinusoidal components. They show below their label the current
setting of the parameter, each in a different colour.
We have used code colouring to relate the important
parts in the interface: amplitudes are always shown
in red, frequencies are shown in blue and phases are
shown in green. Consequently, the outline of the
rectangle controlling the frequencies of the components is drawn in blue, as well its current value and
the frequency in the sine-formula of each component. Its amplitude is in red. A left mouse click
in one of the top four rounded rectangles pops up
a form which allows us to change the current value
of the parameter. A left mouse click in the rounded
rectangle at the bottom synthesizes a new sound according to the settings of the four controls above it
and plays this new sound. In the next part we go into
more details on the specification of the four synthe-
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ating components whose amplitudes vary randomly
as is demonstrated in Fig. 3. Here we have chosen randomUniform(0,1) as the setting for “Amplitude of component (Pa)” with the frequencies of
the 8 components still being multiples of 100 Hz.
The effect of this amplitude setting is that for each
component the amplitude will be a random number
from the interval [0,1). Each value in the [0,1) interval has equal probability of being drawn. For example, the number drawn for the first component,
rounded down to two significant digits, happened
to be 0.53 while the amplitude for the 8th component happened to be 0.23. These amplitudes are also
clearly shown in the spectrum. The nice thing of this
setting is that every time you now click the “Play
new / Again” button a different sound will be synthesized because of this randomUniform argument.
It is therefore possible to generate an infinite number of sounds with the same fundamental frequency,
i.e. the same pitch, that sound and look different.
This makes it very easy to demonstrate that the timbre of a sound depends on the amplitude relations of
its components.

able number of different time points in the sound we
can show that the amplitudes always add up. In this
way we can demonstrate that Fourier synthesis is all
about adding up components.
3.2. Varying “Frequency of component”

The default setting for “Frequency of component
(Hz)” is component*100.0. This setting has the
effect that the frequency of each component is calculated as a multiplication of its component number and 100. The first component which has component number 1 will therefore have a frequency of
100 Hz (= 1 * 100), the second component will have
a frequency of 200 Hz (= 2 * 100), and so on. The
resulting synthesized sound will always be periodic
with a period of 0.01 s. As an example of this examen Fig. 1 where two components were synthesized. Now, if we want to demonstrate that a periFigure 3: The sum of harmonically related components is always a periodic sound.

Changing
the
frequency
setting
to
(component+1)*100 makes it easy to demonstrate that the first harmonic is not even necessary
for pitch perception. Because of this setting, the first
component will now have a frequency of 200 Hz
((1+1)*100).
The second point above, adding random frequency components, can be demonstrated by choosing for example randomUniform(100,1000) for
the frequency setting. For each component’s frequency a random value between 100 and 1000 is
picked with equal probability. An example of this
is shown in Fig. 4. Amplitudes were all 1.0 as is
shown by the spectrum as well as by the numbers in
front of the sine function on the right of each component. The components in box 3 are shown in order of component number. The first component happened to have a frequency of 120 Hz (rounded down
to three significant digits). The highest frequency,
722 Hz, happened for component 3. In the synthesized sound it is hard to detect any periodicity. Each
time we click the “Play new/ again” button a new
synthesized sound is played with non-harmonically
related frequencies and no detectable periodicity. It
will not be too difficult to convince an audience that
there will be no periodicity in the synthesized sound
however often you click. A proof, of course, can
only be given using the proper mathematics.

odic sound can only be synthesized from harmonically related components, we have to show the following two things:
1. adding harmonically related tones always results in a periodic sound, and,
2. adding non-harmonically related components
does not result in a periodic sound.
To start with the first point, the default setting for the
“Frequency of component Hz)” as component*100
suffices. Eight components of frequencies from
100 to 800 Hz will synthesize a periodic sound
with a fundamental frequency of 100 Hz. If we
change the setting to component*150, the synthesized sound will have a fundamental frequency of
150 Hz while the components will have frequencies which are multiples of 150 Hz (i.e. 150, 300,
..., 1200). Whatever we change the number after
component to, the synthesized sound will always
be periodic. One could argue that this happens because the amplitudes of the components are always
equal to one. We can parry this objection by gener-
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phase: randomUniform(0,1). Together with, say 8
components, amplitudes 1 and a frequency setting of
component*100 one can generate with each click of
the “Play new / again” button a synthesized periodic
sound which looks different from the previous ones
but nevertheless sounds the same. Fig. 3.3 shows
two periodic sounds that despite their very different
form sound the same. Because the amplitude spectra of these sounds are all the same, it shows that
the spectrum covers the essential aspects of human
speech perception.

Figure 4: The sum of non-harmonically related
components is not a periodic sound.

Figure 6: Interface details.
sounds that sound the same.

Two synthesized

3.3. Varying “Shift of component”

Figures 1 to 4 show that the amplitudes of the displayed synthesized sounds as well as their components all start at zero. This was a necessity because
we synthesized with pure sines and they start with
zero amplitude at time zero. It does, however, limit
our synthesis possibilities. If we want to synthesize sounds that do not start at zero amplitude, we
need sines that do not start at zero at time zero. By
shifting one or more of the sine components to the
left (or to the right) we can create sounds that do
not start at zero amplitude. Because the components are periodic, we can attain all possible amplitudes at the start by a shift over maximally one
period. Fig. 5 shows the idea for the first component. The setting is a shift of 14 (of a period). In
the formula at the right side this shift is multiplied
by 2π and this results in the value for the phase of
the component (displayed in green colour). Normally only the component’s part within the rectangle is displayed. However, by clicking on the green
number in the formula on its right, the shift is explicitly shown by the dotted part of the sine curve
at the left of the starting time (a quarter period in
the example). It is easy to demonstrate that setting a

3.4. Varying “Amplitude of component”

In the previous section we already introduced
random uniform amplitude variations.
Amplitudes can also be varied depending on component number. All kinds of Fourier sums can
be synthesized, for example, a sawtooth by using (-1)(component+1)/component for the amplitudes and component*100 for the frequencies,
where the ˆ stands for exponentiation.
4. DISCUSSION

Figure 5: Interface detail. The shift of a component by 14 of a period.

We have presented an application that makes it relatively easy to show both Fourier analysis and synthesis as well as their links to perception.
5. REFERENCES

constant shift for all components results in another
synthesized sound, although the spectrum doesn’t
change and also the sound stays the same. This is
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convincingly by using the following settings for the

[1] Adams, W. K. 2011. Fourier: Making waves - An
interactive simulation for visualising Fourier analysis. The Journal of the Acoustical Society of America
2396.
[2] Boersma, P., Weenink, D. Praat: doing phonetics by
computer [Computer program]. Version 6.0.48, re-

1162

trieved 17 february 2019 from http://www.praat.org/.
[3] Efstatiou, C. E.
http://195.134.76.37/applets/
AppletFourier/Appl_Fourier2.html. [Online; accessed 23 February 2019].
[4] Falstad, P. http://www.falstad.com/fourier/. [Online;
accessed 23 February 2019].
[5] Wikipedia contributors. Fourier analysis. https://
en.wikipedia.org/wiki/Fourier_analysis. [Online; accessed 23 February 2019].
[6] Wolfram contributors. http://mathworld.wolfram.
com/FourierSeries.html.
[Online; accessed 23
February 2019].

1163

A CROSS-VARIETAL CONTINUUM OF UNSTRESSED
VOWEL REDUCTION: EVIDENCE FROM BULGARIAN AND TURKISH
Mitko Sabev, Elinor Payne
University of Oxford
mitko.sabev@phon.ox.ac.uk, elinor.payne@phon.ox.ac.uk

ABSTRACT
We compare speech production data from three
Bulgarian and two Turkish varieties with respect to
spectral and durational reduction of unstressed nonfront unrounded vowels, and ensuing height neutralisation. Istanbul Turkish lies at one end of a reduction continuum, with only non-neutralising, gradient
F1 frequency undershoot that correlates with duration. Monolingual East Bulgarian lies at the opposite
end: unstressed, underlyingly non-high vowels raise
considerably and merge with their high counterparts. The Bulgarian speech of bilingual Turkish–
Bulgarian speakers from the same region of eastern
Bulgaria shows less reduction and neutralisation;
perhaps surprisingly, it resembles the reduction pattern of West (Standard) Bulgarian, while at the same
time also being gradient, probably under the influence of Turkish. The bilinguals’ Turkish speech, on
the other hand, exhibits more neutralisation than Istanbul Turkish, but less than their own Bulgarian,
which in turn suggests prosodic transfer from these
speakers’ Bulgarian to their Turkish.
Keywords: vowel reduction, vowel merger, incomplete neutralisation, Bulgarian, Turkish
1. INTRODUCTION
The phonological literature often cites Bulgarian as
having a system of six contrastive stressed vowels
that neatly contracts into a three-vowel unstressed
inventory through reduction and height neutralisation in each of the pairs /i-ɛ, ə-a, u-ɔ/ [1–4]. However, phonetic descriptions make clear that while this
may be true of certain eastern dialects, it is not so in
Standard (western) Bulgarian, where only /ə-a/ and
/u-ɔ/, but not /i-ɛ/, merge in unstressed position. Two
claims have traditionally been made about the phonetic realisations of the merged vowels, both of
which we challenge in this paper: (1) that unstressed
high and non-high vowels merge into intermediate
realisations, such as [ɐ] and [o], respectively, and (2)
that immediately pretonic vowels are more open
than other unstressed vowels. [5–8]
Turkish, too, has a system that can be symmetrically divided into height-contrasting pairs, /i-ɛ, y-œ,
ɯ-ɑ, u-ɔ/, but is not known for unstressed vowel
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reduction (UVR). This is not surprising, for it has
been argued that Turkish is a pitch accent language
[9] and shows no significant stress-dependent spectral differences [10], and that reduction cannot coexist with vowel harmony (VH) in a language [11].
We consider spectral and durational data from
five varieties expected to exhibit different degrees of
UVR: East Bulgarian (EB), West Bulgarian (WB),
bilingual Bulgarian (BB) and Turkish (BT) as spoken by a long-standing bilingual community from
the same region as the EB monolingual group (Tǎrgovište), and Istanbul Turkish (IT). Based on previous research and assumptions, we expect any spectral UVR in IT to be gradient and correlated with
duration, as could result from gestural undershoot
under temporal pressure. For WB and EB categorical UVR is expected, with much less or no correlation with duration. EB should show more UVR, and
greater merger of high and non-high unstressed
vowels. It is difficult to predict where exactly BT
and BB will lie on a reduction scale, as these varieties have not been studied before. If we are to believe that VH and UVR are typologically incompatible, there should be a definitive watershed point with
BT and BB logically lying on different sides, or one
of them having crossed that point as a result of L1–
L2 transfer. [11] argues that VH and UVR do not cooccur because VH neutralises backness and roundness while preserving height contrasts, whereas
UVR does precisely the opposite. The watershed
point should then be defined in terms of both the
difference between stressed and unstressed allophones, and – perhaps more importantly – the degree
of height contrast neutralisation, i.e. merger.
For space limitations, we focus here on Bulgarian
/ə -a / (ъ -а ), and Turkish /ɯ -ɑ / (ı-a ). As well as
being phonologically matched (both pairs are nonfront/back and non-round), these vowels are sufficiently phonetically similar to map onto one another
in loan adaptation and foreign language learning.
2. METHODS
2.1. Participants, procedure and recording

Native speakers of each variety, aged 18–27, were
recorded in return for nominal payment (Table 1).
The bilinguals’ Bulgarian and Turkish recordings

were made on separate days. Participants read out
utterances from a computer screen, displayed one at
a time, in a quasi-random order. The recordings
were made on a MacBook with an iRig Mic HD external microphone, digitised at a sampling rate of
44,100 Hz and a 16-bit resolution, stored as PCMencoded single-channel WAV files.
Variety
EB
WB
BB
BT
IT

Sp
12
12
14
14
14

M
5
4
5
5
6

F
7
8
9
9
8

Vowel tokens
1216
1344
1064
1232
1176

Table 1: Number of M(ale) and F(emale)
Sp(eakers) and vowel tokens per experiment.
2.2. Test items

A set of nonsense words were designed to test the
effects of various accentual and segmental contexts
on the three variables of interest: F1, F2 and duration. Real words were also included to verify that the
nonsense words were reliable indicators for speakers’ natural linguistic behaviour. Comparisons of
real- and nonsense-word vowels revealed mostly
non-significant differences in formant frequencies.
T h e n o n se n se w o rd s h a d th e sh a p e
(C)VCVˈCVC(C)V(C), usually keeping vowel and
consonant phonemes constant throughout the word,
and conforming to Bulgarian/Turkish phonotactics.
As far as possible, the nonsense words had comparable segmental and accentual structure across the
two languages. In Bulgarian, stress was indicated
with a grave accent on the vowel. Turkish stress is
generally word-final, so in order to elicit penultimate
stress, the enclitic /lɑ,lɛ/ ‘with’ (or /diɾ,dyɾ,dɯɾ,duɾ/
‘is’) was attached to a trisyllabic nonsense stem.
Multiple unstressed syllables per word were necessary to test the repeated claim that pretonic vowels
in Bulgarian are more open than other unstressed
vowels. Consonants varied for: place of articulation,
/p t k/; voicing, /p b/; degree of stricture, /b v/; C ~ ∅
word-initially and finally. In some words stressed
and unstressed vowels differed in phonological
height. Except for vowels being consistently longer
in all varieties when flanked by voiced consonants,
segmental context did not yield any conclusive results. The words appeared in the carrier sentences
/ˈkazax … ˈpak/ ‘I said … again’ (Bulgarian) and
/ɑhˈmɛt … dɛˈdi/ ‘Ahmet said …’ (Turkish).
2.3. Analysis

The vowels were manually segmented in Praat [12],
on the basis of the synchronised spectrogram, waveform and audio signal. Vowel boundaries were de-
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termined by the presence of clear formant structure
and sharp changes in intensity. A Praat script was
used to extract vowel duration and midpoint F1 and
F2 frequencies.
Outliers, defined as values 1.5 times beyond the
interquartile range, and devoiced vowels were excluded from analysis. Formant values were normalised using [13]’s adaptation of Neary’s vowelextrinsic, formant-intrinsic log-mean procedure, as
implemented in the vowels package for R [14,15].
A combination of repeated-measures ANOVA,
MANOVA and t-tests were performed to measure
the effect of stress and syllable (σ1, σ2, σ́3, σ4) on F1,
F2 and duration. Pearson product-moment correlation between duration and F1 within σ1–4 allophones
was used as an indicator for gradient undershoot.
F1/F2/duration distribution overlap was calculated between (1) stressed and unstressed allophones
for each vowel, lesser overlap indicating greater
acoustic displacement in unstressed position; (2)
high and low vowels in unstressed position as a
measure of merger, greater overlap corresponding to
a higher degree of merger. Two overlap measurement procedures were used. In the first, allophones
are plotted as 2-SD best-fit ellipsoids in the
F1/F2/duration space. The fraction of overlap between the two ellipsoids is computed, which can
range from 0 (no overlap) to 1 (complete overlap)
[16]. The second metric used is Pillai’s trace, part of
the output of MANOVA performed with F1, F2 and
duration as dependent variables. A higher value indicates a greater difference between the two distributions with respect to the dependent variables. For a
discussion of these and other vowel overlap metrics,
see [17].
3. RESULTS
The ANOVA outputs showed significant main effects in all cases except for F1 in IT /ɯ/. To establish which comparisons are likely to have produced
these effects, dependent t-tests with Bonferroni correction (α = 0.0125 for Bulgarian, and 0.0167 for
Turkish) were performed to compare the three parameters across the three/four syllables (Table 2).
The mean values in Table 3 interpreted in the
context of significant differences (Table 2) reveal a
number of clear patterns. In all varieties, duration is
longest in the stressed (third) syllable, and in Bulgarian the second longest syllable is the fourth and final
one. This pattern is only broken by /ə/ in BB, where
[ə4] is even longer than [ə́3], and in EB, where [ə́3] =
[ə4]. In all Bulgarian dialects the second and pretonic
vowel tends to be the shortest, while in Turkish V1
and V2 often have equal durations. F1 is highest in
stressed position across the board for the low vowel,

IT

BT

BB

WB

EB

1-2
1-3
2-3
4-1
4-2
4-3
1-2
1-3
2-3
4-1
4-2
4-3
1-2
1-3
2-3
4-1
4-2
4-3
1-2
1-3
2-3
1-2
1-3
2-3

B /ə/ / T /ɯ/
Dur.
F1
F2
n.s.
n.s.
n.s.
n.s.
0.027
n.s.
n.s.
***
***
***
0.001
***
***
0.025
***
***
***
***
n.s.
***
***
0.013
***
***

n.s.
n.s.
n.s.
***
n.s.
0.003
n.s.
0.001
***
***
***
n.s.
***
0.022
n.s.
***
***
***
0.044
0.041
***
n.s.
n.s.
n.s.

0.004
n.s.
n.s.
n.s.
n.s.
n.s.
***
n.s.
***
n.s.
***
n.s.
***
***
***
***
***
n.s.
***
0.001
***
***
***
n.s.

B /a/ / T /ɑ/
Dur.
F1
F2
n.s.
***
***
0.006
0.002
0.001
***
***
***
n.s.
0.033
***
***
***
***
***
***
***
n.s.
***
***
n.s.
***
***

n.s.
***
***
n.s.
0.012
***
***
***
***
n.s.
0.003
***
***
***
***
0.002
***
***
***
***
***
***
***
***

a/ɑ

L σσ

σ1
ə/ɯ

and also for the high vowel in WB and BT, while in
EB [ə4] > [ə1,2,3], in BB [ə4] > [ə1] > [ə2,3], and in IT
[ɯ1] = [ɯ2] = [ɯ3]. F1 is lowest in the second (i.e.
pretonic) syllable in all varieties but IT. F2 is higher
for the stressed low vowel in Bulgarian and BT,
while the high vowel is inconsistent in this respect.

***
0.020
***
n.s.
***
***
***
0.030
***
***
0.022
***
***
n.s.
***
***
***
***
***
0.040
***
***
***
0.006

EB
WB
BB
BT
IT
EB
WB
BB
BT
IT

Duration–F1
σ2
σ́3
σ4

n.s.
0.009
n.s.
n.s.
n.s.
n.s.
0.016
***
0.001
0.005

n.s.
n.s.
0.001
0.026
0.044
n.s.
***
0.005
0.033
***

σ1

Duration–F2
σ2
σ́3
σ4

n.s. n.s. * * *
0.001 n.s. 0.001
0.002 n.s. * * *
n.s.
n.s.
0.008
0.030
* * * 0.035 0.003
n.s. 0.001 n.s.
*** *** ***
***
n.s.
***
n.s.

n.s.
n.s.
n.s.
n.s.
n.s.
n.s.
n.s.
n.s.
n.s.
n.s.

0.006 n.s.
***
n.s.
0.001 * * *
***
n.s.
***
n.s.
0.019 n.s.
*** ***
***
n.s.

Table 4: Significance of Pearson’s r correlations
between duration & F1 and duration & F2.

Figure 1 shows degrees of displacement, or differences between stressed and unstressed distributions for each vowel, quantified as (A) the complement of the fraction of overlap (1 – Overlap), and (B)
Pillai’s trace with stress as independent variable.
The low vowel naturally undergoes much greater
displacement, with the highest degree in EB and
WB, less in BT and IT, and even less in BB. The
two statistics produce the same relative results, although B is more compatible with a two-way grouping: (EB, WB) > (BB, IT, BT), while A yields three
apparent categories: (EB, WB) > (BT, IT) > (BB).

Table 2: Significance of differences between allophones. L: variety, Dur.: duration, ***: p < 0.001

F2′ freq.

F1′ freq.

Duration

σ1
EB
WB
BB
BT
IT
EB
WB
BB
BT
IT
EB
WB
BB
BT
IT

46.78
57.43
48.09
45.97
47.31
411
392
417
406
389
972
1092
979
1015
1121

ə/ɯ
σ2
σ́3
47.82
59.82
43.10
45.35
50.95
429
388
403
395
385
908
1015
876
853
1008

51.44
78.36
50.62
57.83
57.91
414
405
409
420
392
907
1101
917
950
1008

σ4

σ1

a/ɑ
σ2
σ́3

53.68 44.72 44.06 77.76
67.10 62.85 57.96 94.74
57.31 53.14 46.37 73.32
53.04 54.65 88.67
59.23 58.60 87.16
437 426 416 640
409 478 456 639
437 551 482 600
551 494 619
533 495 615
923 990 888 1065
1082 1155 1074 1184
915 1014 915 1003
1014 889 1044
1077 1012 1038

σ4
58.93
61.97
60.65

Figure 1: Degrees of unstressed displacement.

To quantify merger between high and low unstressed vowels, we take (A) their spectral–durational overlap (spectral overlap shown in Fig. 3), and
(B) the complement of Pillai’s trace (1 – ΛPillai) with
phoneme as independent variable (Fig. 2). Once
again, the two metrics show very similar relative
rankings but suggest different groupings. While
three categories emerge in both – high (EB), medium
(WB, BB) and low (IT) – BT is inconclusive, appearing as medium in A, but closer to low in B.

454
472
529
940
1106
954

Table 3: Mean allophone duration in ms, and normalised F1 and F2 frequencies in Hz.

We find consistent linear F1–duration correlation in most Turkish cases, as well as in BB (Table 4); we interpret this as an indication of gradient
undershoot (as opposed to categorical reduction). In
the monolingual Bulgarian varieties, correlation is
only sporadic, suggesting categorical UVR. F2–
duration correlations do not present a clear pattern.
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Figure 2: Degrees of merger between high and
low unstressed vowels.

Figure 3: F1/F2 distributions of stressed and unstressed vowels, based on kernel density estimation [17,18].

4. DISCUSSION AND CONCLUSIONS
The results we report indicate that vowel duration is
a robust correlate for word stress in all five varieties.
This is more marked in low than in high vowels, and
in WB than in the other varieties. Vowels in final
unstressed syllables were analysed for Bulgarian
only and proved to be consistently longer than other
unstressed vowels, possibly due to boundary effects.
In Bulgarian, pretonic vowels are the shortest, while
in Turkish durational differences between σ1 and σ2
unstressed vowels are mostly non-significant.
F1 frequency is significantly higher in stressed
position for low vowels in all varieties. High unstressed vowels remain mostly unchanged in IT, EB
and BB, but raise slightly in WB and BT. If there is
any L1–L2 transfer in this regard, BT is influenced,
surprisingly, by (Standard) WB, not by EB or BB.
The received view that Bulgarian high vowels
undergo lowering when unstressed [5–8] has been
refuted in previous acoustic studies [19,20] and in
recent ultrasound/acoustic work [21]. Here we confirm no lowering for unstressed /ə/, with the slight
exception of unstressed final syllables in EB and
BB, where we report an F1 increase by up to 28 Hz.
Another established view that our results disprove, to the best of our knowledge for the first time,
is that Bulgarian unstressed vowels are more open
when pretonic than elsewhere: we find more spectral
and durational reduction there, not less. The traditional view echoes the two-level UVR system standardly reported for Russian [22–24], where a penultimately stressed four-syllable word has a sonoritysequenced single-peak prominence profile – x x X x –
while our spectral and durational data reveal a more
punctuated, low-level ‘trochaic’ pattern: x x X x.
Our linear correlations reveal gradient, duration-dependent F1 undershoot in Turkish, while
Bulgarian UVR is largely independent of temporal
pressure and therefore categorical. BB, however,
parallels Turkish in correlating F1 with duration.
Comparisons of F1/F2/duration distributions for
stressed and unstressed allophones show much
greater displacement in low than in high vowels.
This is strongest in EB and WB where there is hardly any overlap between stressed and unstressed /a/.
As expected, Turkish /ɑ/ shows considerably less
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displacement. Interestingly, BB has least displacement, but since it also differs from the rest of Bulgarian in correlating F1 with duration, we may in
fact be looking at only two degrees of displacement:
stronger and categorical (EB, WB) vs weaker and
gradient (IT, BT, BB), which also tallies with the
Pillai’s trace displacement metric (Fig. 1B).
Displacement measurements alone reveal little
about the systemic effects of UVR, and we therefore
also consider the degree of merger of high and low
unstressed vowels. In EB we find complete overlap.
Although it is at a medium level in WB, we know
from previous acoustic and perceptual research [20]
that the degree of acoustic overlap between WB unstressed /a-ə/ is sufficient for perceptual neutralisation. BB shows practically the same level of merger
as WB, but we should not automatically conclude
that this is also perceptually neutralising, because
the spectral–durational correlation there may be a
factor that enables speakers to perceptually offset
displacement. We find least merger in IT, as predicted. BT exhibits more merger than IT, probably due
to transfer from Bulgarian. The two merger metrics
are at odds here (Fig. 2): the overlap fraction statistic
yields a higher output and places BT in the medium
group along with WB and BB. Pillai’s trace, on the
other hand, points to less merger and positions BT
closer to IT. This is probably a more reliable metric,
as it calculates pooled effect variances, and it is less
likely to inflate the output in cases like BT, where a
formant frequency correlates with duration.
Our analysis places the five varieties on a UVR
continuum as shown in Table 5. BB is influenced by
Turkish in its gradient displacement, while BT
shows Bulgarian interference in merging more than
IT. Our results indicate that UVR is not unequivocally incompatible with VH: both IT and BT exhibit
some displacement and merger, with more merger in
BT. However, further research is needed to study the
perceptual implications of these findings.
Displacement
Merger

EB
WB
BB
strong
categorical
high
medium

BT
weak
gradient
med.-low

Table 5: A cross-varietal continuum of UVR.

IT

low
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The learnability of the Nepali four way stop-voicing contrast:
Three categories are learnable despite hypo-articulation, but the fourth is adrift
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Titia.Benders@mq.edu.au, Katherine.Demuth@mq.edu.au

1. INTRODUCTION
The acoustic speech sound distributions in infants'
input undisputedly play a crucial role in infants'
perceptual attunement to native-language consonant
and vowel contrast [25; 20]. Attunement may be
aided by hyper-articulated input, i.e., enhanced mean
distances between the acoustic categories [17].
However, not all parents hyper-articulate, with hypoarticulation being frequently attested as well [3; 8;
18]. This raises questions about the learnability of
hypo-articulated input.
A recently attested case of hypo-articulated input
to infants is the Nepali four-way voicing contrast [3].
Nepali, like many other Indo-Aryan languages,
canonically contrasts four voicing categories for
every obstruent place of articulation [1] (Fig. 1). Such
four-way contrasts cannot be described using voiceonset time. Rather, the voiced-voiceless contrast is
canonically cued by the presence versus absence of
lead time - the onset of vocal fold vibration before the
burst; the aspirated-unaspirated contrast is
canonically cued by the duration of lag time - the
delay between the burst and the onset of the vowel
[17] (Fig. 1). Nepali mothers speaking to their infants
in so-called infant-directed speech (IDS) reduce the
lead-time contrast between voiced and voiceless stops
and shorten the lag time of all their stops [3]. The
present study addresses the learnability ramifications
of this hypo-articulation.
A complicating issue with respect to the Nepali
four-way voicing contrast is the potential instability

1169

(voiceless aspirated)
Lag
Vowel
Time

Time

Burst
(voiceless unaspirated)
Lag
Vowel
Time

Burst

ɡ
Frequency Amplitude

k

ɡʱ
Frequency Amplitude

kh
Frequency Amplitude

Can infants learn consonant categories from hypoarticulated infant-directed speech? This question was
addressed with learnability analyses on a previously
published corpus of the Nepali four-way voicing
contrast [4]. Both a supervised (Discriminant
Analysis) and an unsupervised (Gaussian Mixture
Model) learner successfully learned the voicelessaspirated, voiceless-unaspirated, and voicedunaspirated stop. Neither mechanism could learn the
voiced-aspirated category from the lead- and lag-time
distributions. Implications are discussed for infants'
acquisition of the Nepali four-way contrast, language
change, and their relationship.
Keywords: Infant-directed speech; Learnability;
Nepali; Stop-voicing contrast

Figure 1: Waveforms (top), spectrograms (bottom),
and annotation of canonical tokens of the Nepali
four-way stop-voicing contrast.
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of the voiced-aspirated obstruents. A consideration of
other Indo-Aryan languages finds, for example, that
the voiced-aspirated stop has disappeared from
Kashmiri [4] and has been replaced by a tonal contrast
in Punjabi [13; 15]. Within Nepali, the aspiration of
voiced-aspirated obstruents is variably produced for
stops in intervocalic and word-final position [17], and
completely replaced by a lowered F0 and increased
breathiness for affricates [5]. Yet, Nepali is said to
still have the canonical four-way contrast wordinitially [17]. The present study will assess whether
the lead- and lag-time distributions from hypoarticulated IDS support the acquisition of all four
stop-voicing categories in highly common words with
velars.
The learnability of the Nepali four-way voicing
contrast will be addressed in two types of
computational learnability analyses, corresponding to
two broad hypotheses about infants' perceptual
attunement. The first hypothesis is that infants have
access to bottom-up acoustic as well as top-down
lexical information to guide their perceptual
attunement [11; 23]. This supervised learning
hypothesis will be implemented using a Discriminant
Analysis (DA), which is provided with the input
tokens’ lead- and lag times as well as their category
membership. The second hypothesis is that infants
only have access to bottom-up acoustic information
[19]. This unsupervised learning hypothesis will be
implemented using Gaussian Mixture Models
(GMMs), which estimate the multivariate Gaussian
category structure underlying the observed
continuous distributions. The results from both sets of
analyses will answer the question to what extent the

Nepali four-way voicing contrast is learnable from
the lead- and lag-time distributions in Nepali mothers'
hypo-articulated IDS.
2. METHODS
2.1. Corpus

The present study uses a corpus first presented in [3].
Here we repeat key information for interpreting the
present results, and minor deviations from [3] in
token selection.
2.1.1. Participants & Procedure
Participants were 16 female native speakers of Nepali
and their infant (aged 10-18 months). Mothers were
born and lived at least until puberty in Nepal. Dyads
lived in Sydney where the recordings took place.
Mother-infant dyads participated in a play session
during which the mother spoke to her infant in IDS
about pictures of a hairpin /ka.ʈa/, meal /kʰa.na/,
bullock cart /ɡa.ɖa/, and neck /ɡʱa.ʈi/.
2.1.2. Acoustic measurements and token selection
Tokens of the four target words produced in either
isolation or utterance-initial position were manually
annotated for lead time (from the onset of prevoicing
to the burst) and lag time (from the burst to the onset
of clear F2 in the vowel; Fig. 1). Tokens were
excluded if they contained external sound overlap, an
atypical voice quality, or case marking. [3] then
excluded any statistical outliers, to meet their analysis
assumptions. The present study included those
tokens, as outliers were confirmed to be correctly
measured and thus form part of the input.
The analyses reported here include the 935 tokens
produced in IDS (/kʰ/=297; /k/=282; /ɡʱ/=160;
/ɡ/=196). All analyses are performed on the natural
logarithms of lead and lag time in milliseconds. As
the logarithmic transformation of 0 lead times
rendered impossible values, these were manually reset to 0. For the visualizations, jitter around 0 has
been added.
2.2. Discriminant analysis

A linear DA was performed using the lda function in
the MASS package [24] of R [22]. The four stops were
the classes, and the scaled and centred natural
logarithms of lead and lag time were the continuous
predictors. A DA computes discriminant functions, to
maximize the ratio of the variation between and
within the classes across the predictors. Discriminant
scores per token can be computed and converted into
DA-predicted class memberships. These can be
compared to the actual targets using a confusion
matrix, to assess model success.
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2.3. Gaussian Mixture Modelling

The parameters of the multivariate Gaussian
distributions that are most likely to have generated the
lead- and lag-time were estimated using the
Expectation-Maximization algorithm [7], using the
Mclust function in the mclust package [12] of R [22].
The parameters to be estimated for each multivariate
distribution in these GMMs are the means,
covariances, and mixing proportions. A further GMM
parameter is the number of categories. Although
language-learning infants need to infer this number
from their input, learnability simulations with EM
GMM typically pre-set the number of categories [2;
6]. For reasons to become apparent when the DA
results are presented, GMM analyses were conducted
for four as well as three categories. Model
comparisons with the Bayesian Information Criterion
[22] were employed to establish whether the model
with three or four categories is to be preferred, and
thus whether the input is compatible with Nepalilearning infants acquiring three or four stop-voicing
categories.
The GMM parameters, once estimated, can be
used to assign corpus tokens to the acquired
categories, which can be labelled after the most
prevalent target category among the tokens
categorized into a GMM category. Confusion
matrices comparing tokens' target and GMMassigned category memberships were used to evaluate
model success.
3. RESULTS
3.1. Visual data inspection

Fig. 2 displays the distribution of IDS tokens across
lead and lag time. The canonical description of the
Nepali four-way voicing contrast led us to expect four
distinct clusters of tokens: the three ellipses in Fig. 2
and a fourth cluster of voiced aspirated tokens
produced with lead-time as well as long lag time.
However, only a few voiced-aspirated tokens occupy
this area of the acoustic space, with the remaining
tokens broadly falling within one of the other three
categories.
3.2. Discriminant Analysis

The first discriminant function of the DA captured
76.9% of the between-class variance, with
coefficients for lead time (-1.244) and lag time
(1.165) having opposite signs but almost equal sizes.
The DA was at least 89% correct in classifying the
target voiceless-aspirated, voiceless-unaspirated, and
voiced-unaspirated tokens (Table 2), confirming their
visually observed separability in the lead-time/lagtime space. In contrast, the DA was only 1% correct
in categorising the target voiced-aspirated tokens, and

Figure 2: Tokens in lead- and lag time acoustic space.
Ellipses indicate 95% normal confidence intervals around
voiceless aspirated, voiceless unaspirated, and voiced
unaspirated tokens.

Figure 3: Category memberships as assigned by the
3-category GMM (grey-scale coded, see legend).
Target stop-voicing is shape coded (see Fig. 2
legend).

4

4
Target Stop−Voicing

3

Voiceless Aspirated
Voiceless Unaspirated
Voiced Aspirated
Voiced Unaspirated

2
1

3

GMM−3 Stop Voicing:

2

Voiceless Aspirated
Voiceless Unaspirated
Voiced Unaspirated

1

0

0
0

2
4
Lead time (log)

6

0

Table 1: Confusion matrix of the Target categories
and the DA-assigned categories.

Target

Lag time (log)

5

Lag time (log)

5

kh
k
ɡʱ
ɡ

kh
95%
4%
3%
0%

DA-assigned
category
k
ɡʱ
5%
0%
96%
0%
41%
1%
10%
2%

2
4
Lead time (log)

6

Table 2: Confusion matrix of the Target categories
and the 3-category GMM-assigned categories.

ɡ
0%
1%
52%
89%

Target

largely assigned them to the voiceless and voiced
unaspirated categories.
3.3. Gaussian Mixture Modelling

kh
k
ɡʱ
ɡ

GMM-assigned
category
kh
k
ɡ
92%
8%
0%
1%
99%
0%
4%
43%
53%
0%
10%
90%

voiced-aspirated targets across their voiceless- and
voiced-unaspirated categories.
4. DISCUSSION

Since Nepali is described as having a four-way stopvoicing contrast, whereas the visual inspection and
DA analyses suggest a 3-way contrast, two GMMs
were fit: one with four, and the other with three
categories. Model comparison indicated that the 3category model (BIC=-2691.114) was preferred over
the 4-category model (BIC=-2352.859).
The 3-category GMM (displayed in Fig. 3) and the
4-category GMM were nearly identical in terms of
their voiceless-aspirated and voiced-unaspirated
categories. The models differed in that the 3-category
model detected one voiceless-unaspirated category,
whereas the 4-category model detected two
categories in that region. Critically, neither model
detected the voiced-aspirated category.
The three categories learned by the 3-category model
were highly consistent with the target categories, as
shown by the over 90% correct classifications of the
voiced-unaspirated, voiceless- unaspirated, and
voiced-aspirated tokens. The 4-category model
performed considerably worse only for the 'split'
voiceless-unaspirated category (results not displayed
due to space constraints). Both models distributed the
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The present study used computational analyses to
investigate whether Nepali-learning infants could
acquire the four-way voicing contrast from the leadand lag-time distributions in Nepali IDS, which is
hypo-articulated [3]. Both supervised (DA) and
unsupervised (GMM) learning simulations found that
Nepali IDS supports the acquisition of three, but not
the fourth (voiced-aspirated) category.
The apparent reduction of the Nepali four-way
system to a three-way contrast between voicedunaspirated, voiceless-unaspirated, and voicelessaspirated stops, conforms to the change observed in
several other Indo-Aryan languages [4; 13]. And
although some instability of the Nepali voicedaspirated obstruents has been documented previously
[5; 17], the present results are to our knowledge the
first suggestion that word-initial stops may no longer
be realized with canonical prevoicing and aspiration.
The voiced-aspirated stops in this study were all
elicited utterance-initially in a single word (neck/ɡʱa.ʈi/), yet variably realized with the lead- and lag
time properties of all three other categories. This
suggests that speakers of Nepali may still have a

somewhat distinct representation of the voicedaspirated stop. Further research is needed to establish
whether or not listeners reliably identify the voicedaspirated stop, which would provide evidence for the
presence of other cues. Primary cues to consider are
the breathiness and F0 of the following vowel, which
signal voiced-aspirated affricates in Nepali and stops
in Punjabi, respectively [5, 13]. And if a new cue to
the voiced-aspirated stop is found, its impact on the
learnability of the Nepali four-way obstruent series
would need to be considered.
The other three categories were successfully
learned by the computational models, despite the
hypo-articulated acoustic contrast between voiced
and voiceless stops in Nepali IDS [3]. Previous
computational work had suggested that the
learnability of segmental contrasts is improved by
IDS hyper-articulation [6] or clearly articulated
tokens under focus [2]. The present findings,
resonating the conclusions from [9], show that hypoarticulation doesn’t always equate with low
learnability.
These three learnable stops were successfully
acquired by the supervised (DA) as well as the
unsupervised (GMM) model. These findings could be
taken as support for bottom-up theories of perceptual
attunement [19], suggesting that top-down
information may be more important for the
acquisition of vowels [11] rather than consonants.
However, our models were only provided with tokens
of a single word, which could be considered as a form
of
top-down
information.
Moreover,
the
unsupervised learning model was provided with the
correct number of categories, while real infants have
to infer that number from the input. When our GMMs
were required to estimate the number of categories
from the data, they found up to nine categories,
possibly due to their strict parametric assumptions.
Simulations with data from multiple words using nonparametric models will be required to fully explore
the power of unsupervised learning for perceptual
attunement to consonants.
The learnability of three stop-voicing categories in
Nepali, combined with the unlearnable voicedaspirated stop, raises critical questions about how real
infants and children acquire the Nepali voicing
system. If unsupervised learning from the acoustic
input distributions lays the foundation for infants'
early phonological systems [19], Nepali-learning
infants may only acquire three categories. If the
lexicon is involved in perceptual attunement [11; 23],
the free variation displayed by the voiced-aspirated
stops may be sufficient for infants to also acquire this
fourth category. However, one could also hypothesize
that infants and children regularize variation in their
language input [14] and are thus instrumental to the
disappearance of the voiced-aspirated stops.
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The extent to which the voiced-aspirated stop will
disappear from Nepali possibly also depends on the
impact of orthography on first-language phonology.
The voiced aspirated stops are represented with
separate graphemes in the Devanagari script that is
used for Nepali. Orthography can be a source of
lexical context for second-language learners [10], and
literate native speakers of Nepali sometimes
introduce spelling-based contrasts in their
pronunciations [17]. Both perception and production
research with Nepali-learning infants and children
before, during, and after the onset of literacy is thus
required to assess the acquisition of the four-way
voicing system, and the impact of first-language
learning mechanisms and orthography on the
disappearance and maintenance of phonological
contrasts.
In any further research on the Nepali obstruent
voicing, several limitations of the present study will
need to be overcome. Firstly, only velar stops were
elicited using only one word per segment. Moreover,
the speakers in the present study were part of the
Nepali diaspora at the time of the recordings. Future
research thus needs to establish to what extent the
present findings generalize across words, to other
places of articulation, and to speakers still residing in
Nepal. Further extensions to this work would also
need to consider the frequency and functional load of
the voiced-aspirated stop – data that are currently
difficult to provide due to limited availability of
searchable dictionaries and corpora of Nepali. Such
work would shed important light on early
phonological acquisition in the face of unstable
phonetic realizations.
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ABSTRACT
Phrase-final vowel devoicing is a feature of
Continental French in which utterance-final vowels
variably lose their voicing and produce fricative-like
whistles. Although the phenomenon is singularly
referred to as “vowel devoicing,” most research on
the topic ignores the parameter of voicing loss in
favor of a description of the emergent downstream
fricative, a fact that is complicated even further
when considering that the fricative by-product is not
uniform in nature. In this study, we investigate the
multiplicity of phonetic phenomena occurring under
the heading of “final vowel devoicing” via an
analysis of normalized measures of center of gravity.
Six resulting COG profile shapes emerge: one
describing literal vowel devoicing, the others
describing five different energy profiles of fricative
epenthesis. Results indicate an interaction of vowel
and percent devoicing, suggesting that PFVD is a
singular phenomenon with several allophonic
realizations predicted by both vowel type and length.
Keywords: center of gravity, vowel devoicing,
fricative epithesis, French, acoustic analysis
1. INTRODUCTION
Phrase-final vowel devoicing (PFVD) is a
phenomenon in Continental French (CF) in which
utterance-final vowels (i.e. the locus of stress in CF)
variably lose their voicing and produce intense
fricative-like whistles [8], as in (1).
(1)

Mais oui_hhh.

Je t’ai vu_hhh.

Much of the scholarship on PFVD has
documented its phonological and pragmatic
conditioning, pinpointing its most robust occurrence
to the French high vowel series /i,y,u/ [7, 10, 13],
read speech [3, 7], following stop consonants [3],
intonation phrase-finally [7, 13], declarative
phrase-finally [7, 12] and in words with high lexical
frequency [3]. Although the phenomenon is
singularly referred to as “vowel devoicing,” most
studies sidestep the parameter of voicing loss in
favor of a description of some aspect of the
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emergent downstream voiceless fricative. [4, 5, 10,
13, 14] all report rates or durational/ratio measures
of PFVD which only take into account tokens
showing the presence of aperiodic energy, thereby
eliminating the chance to observe more minimalist
devoicing types that share in the loss of devoicing
but not in the emergence of the downstream
fricative. [1, 2, 6] follow a similar methodological
practice, but remove some of the ambiguity by
instead referring to PFVD as épithèse fricative
‘fricative epithesis’.
The idea that not all PFVD is phonetically
similar was present already at its initial
documentation in the literature, as [8] speculated that
PFVD’s phrase-final whistles might correspond in
some way to the identity of their host vowel, similar
to ich-Laut and ach-Laut in German. [10] later
observed three different types of vowel devoicing: 1)
syncope (loss of vowel periodicity, harmonics, stable
formants, replaced by noise >5000 Hz), 2) complete
devoicing (loss of periodicity + intense noise with
full formant structure or a weakening of noise >5000
Hz), and 3) partial devoicing (loss of periodicity at
beginning of vowel with formants eventually
appearing), however, he didn’t examine the acoustic
features shared between each devoicing type and the
various host vowels. A center of gravity (COG)
analysis of devoiced /i,y,u/ corroborated [8]’s
speculations, reporting significant differences in
each vowel’s spectral energy during the first half of
the segment [3], but neglected to used normalized
COG measures or examine their longitudinal
trajectory throughout the PFVD segment.
The literature reveals that the term “final vowel
devoicing” is used to describe a multitude of
phonetic processes, some of which exclusively
contain devoiced vowels, others of which instead or
additionally contain compensatory voiceless
fricative by-products whose energy profiles are
dependent on underlying segments. It is therefore the
goal of this study to investigate the multiplicity of
these variable phonetic phenomena via an analysis
of both underlying segment and spectral trajectory,

informed by normalized measures of the PFVD
segment taken at multiple timepoints.
2. METHODS
2.1. Participants & Materials

31 native speakers of CF completed a reading task
targeting 98 tokens of /i,y,u/ in phrase-final position.
30 of the speakers were recorded in France (4 in
Paris, 26 in Strasbourg), and 1 was recorded in the
United States. The 98 target words featured /i,y,u/ in
mono-, bi- and tri-syllabic words preceded by every
licit consonant and consonant cluster found in CF.
Each sentence was read twice to yield 196 vowel
tokens per participant (6,076 total).

3.2. Normalization

To control for effects of vocal tract length, COG
values were normalized according to a technique
adapted from [15]. Normalization of frication was
performed according to (2):
(2) COGnorm = si × COG,

where the speaker-dependent coefficient si was
calculated by (3):
(3) si = 1/(COGi /COG
ave) ,


where COGi refers to the average COG value of
participant i, and COGave refers to the average COG
value across all participants.
3.3. Profile Shapes

2.2. Procedures

Speakers were recorded via a head-mounted
unidirectional cardioid microphone (SHURE
WH20) plugged into a solid-state digital recorder
(Marantz PMD 660) digitized at 44kHz (16 bit).
The task was self-paced and completed under the
direction of the researcher.
3. ANALYSIS
3.1. Measurements

The final vowel of target words was examined for
presence of PFVD, assessed via the loss of the
voicing bar and/or the onset of high-frequency
aperiodic energy, as depicted in Figure 1 with the
label “fric.” A Praat script was then used to measure
the duration of each full vowel and any fricated
PFVD segment. A measurement of percent
devoicing was then derived by dividing the length of
the frication by the overall length of the vowel
including frication. A second Praat script measured
fricated PFVD segments for COG at the 25%, 50%
and 75% marks [5].
Figure 1: PFVD on the spectrogram: venu ‘came’.

Following
normalization, the three COG
measurements taken for each response were
synthesized into a single variable, hereafter referred
to as profile shape. First, frequencies were divided
into three bins: 0-2000 Hz (low), 2000-4000 Hz
(medium), and 4000-6000+ Hz (high). Each trial
was then given a letter designation on the basis of its
three COG levels (i.e. LMH, HMM, MLL). The 27
possible combinations were condensed into 6 final
categories describing the level and continuing,
growing or decreasing nature of its energy, as shown
in Table 1:
Table 1: Profile shapes by COG designation
Profile
Flat-low
Flat-high
Rising
Falling
Rise-fall
Fall-rise

Categorical COG designations
LLL
MMM, HHH
LLM, LLH, LMM, LMH, LHH, MMH, MHH
MLL, MML, HLL, HML, HMM, HHL, HHM
LML, LHL, LHM, MHL, MHM
MLM, MLH, HLM, HLH, HMH

3.4. Statistics

Statistical analyses of profile shape were conducted
in R [11]. A chi-square test of the relationship
between profile shape and vowel was performed
using chisq.test(). Using multinom() from package
nnet [16], a multinomial logistic regression was also
performed, with profile shape as the dependent
variable, and vowel and percent devoicing as the
independent
variables.
Visualizations
were
generated using the packages corrplot [17] and
effects [9].
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4. RESULTS

4.2. Percent Devoicing

4.1. Vowel Type

Counts of profile occurrence by vowel (Table 2)
indicate that flat-low was the most common profile
shape for /y/ and /u/, while falling and flat-high were
the most common for /i/. Dynamic profiles were
used less frequently than flat ones, but were more
prominent for /i/ than for the other two vowels, with
falling being the only well-represented dynamic
profile type for /y/, and /u/ almost solely represented
by flat-low.
Table 2: Counts (percentages) of profile shape by
vowel
Profile

/i/

/y/

/u/

Flat-low
Flat-high
Rising
Falling
Rise-fall
Fall-rise
Total

414 (22.4)
490 (26.5)
188 (10.2)
512 (27.6)
189 (10.2)
63 (3.4)
1852 (100.0)

523 (50.7)
80 (7.8)
94 (9.1)
214 (20.7)
85 (8.2)
23 (2.2)
1032 (100.0)

715 (83.3)
6 (0.7)
42 (4.9)
53 (6.2)
34 (4.0)
8 (0.9)
858 (100.0)

Since profile shape was strongly governed by vowel
quality, a multinomial logistic regression was fit for
the effects of the interaction of vowel a nd percent
devoicing on profile shape. Percent devoicing (PDV)
was defined as the percent of vowel duration
consisting of aperiodic noise, and binned into five
categories with widths of 20%. The results of this
model, presented in Table 3, indicated a significant
interaction between vowel and percent devoicing,
such that there were significant differences between
all vowel-PDV pairs for every profile type except
falling, which reported no significant differences.
Main effects of vowel and percent devoicing were
also present for all profile types except falling.
Table 3: Multinomial logistic regression (profile ~
vowel*percent devoicing)

A chi-square test revealed that the relation
between profile shape and vowel was significant [χ2
= 1004.2, df = 10, p<.0001]. Examination of the
residuals, as illustrated in Figure 2, indicates this
was mainly due to the preference for flat-high and
dispreference for flat-low by /i/, and the preference
for flat-low and dispreference for flat-high by /u/.

COG Profile Type
Flat-high
Rising
Falling
Rise-Fall
Fall-Rise

Main Effects
p<.0001
p<.0001
.0688≤p≤.9283
p<.0001
p<.0001

Interactions
p<.0001
p<.0001
.1538≤p≤.9110
p<.0001
p≤.0007

Figure 3: Effects of vowel × percent devoicing

Figure 2: Residuals of profile shape by vowel

As shown, the low-energy profile is preferred
for /u/ and, to a lesser extent, /y/, and the
high-energy profile for /i/. A COG analysis revealed
different flat-low averages for /i/ and /u/ (787 and
866 Hz at midpoint) versus /y/ (1187 Hz),
suggesting that although flat-low was common for
/y/, its measure was not as diffuse as the flat-low of
/u/.
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The visualization of the above interactions (Figure
3) shows that /u/ exhibited high rates of flat-low
profile across all PDVs, with a slight decrease at
80-100%. /i/ and /y/ both exhibited relatively high
rates of flat-low at low PDVs, which decreased as
PDV increased, with rates being higher overall for
/y/. For the flat-high profile, /y/ and /u/ both showed
low overall usage, while /i/ showed low usage from
0-60%, with a sharp increase from 60-100%. Finally,
/i/ and /y/ exhibited similar trajectories for the falling
profile, with modest, slightly increasing levels as

PDVs increased. The use of the falling profile for /u/
was low, but increased slightly at 80-100%. The
other three profile types were used infrequently, with
no clear pattern with respect to PDV.
5. DISCUSSION
5.1. Vowel Type

The predominance of flat-low and flat-high energy
profiles for /u,y/ and /i/, respectively, suggest that at
least two well-represented allophones can be
identified for PFVD among the class of French high
vowels: one with low aperiodic energy throughout
(flat-low) and one with or attaining high aperiodic
energy for some portion of its overall length (all
other types). The results here suggest that lip
rounding may be the relevant articulatory gesture
preventing the attainment of high periodic energy,
creating a dichotomy between the flat-low profile
common of devoiced /u, y/ and the flat-high profile
common of devoiced /i/. This finding supports [8]’s
speculation that PFVD segments might be
contextually conditioned by the features of their
underlying host vowel à la ich-Laut/ach-Laut, but
singles out lip rounding as the relevant conditioning
feature instead of backness.
5.2. Percent Devoicing

Measures of PDV show that /u/ is realized with a
flat-low profile, regardless of the PDV of the vowel
it occurs in. /i/ and /y/ show similar behavior at
PDVs ≥60%, but their behavior diverges at higher
PDVs, with /i/ showing a marked preference for
flat-high or falling, and /y/ instead showing a
continued preference for flat-low or falling. This
suggests that /u/ and /y/ are realized similarly with
respect to PDV, the only difference occurring at
higher PDVs where the falling profile can also be
attested for /y/. Contrastively, while devoiced /i/
patterns like /y/ and /u/ at lower PDVs, it does so at
a much lower rate, since it is also found exhibiting
falling and rise-fall profile types at these levels.
Interestingly, despite the fact that PFVD is a
phenomenon attested throughout the full series of
French vowels [14], the salient period of
high-frequency aperiodic energy that has become
associated with the devoicing phenomenon is the
type most commonly found in devoiced /i/ at high
PDVs (flat-high).
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6. CONCLUSIONS
In this study, we examined the full-range of PFVD
types as a function of underlying vowel, spectral
trajectory and PDV to reveal two allophones of
PFVD, flat-low and flat-high, that show preference
for certain vowel types and percent devoicings.
These findings add further evidence to the idea that
phrase-final vowel devoicing in CF is not,
phonetically speaking, a singular phenomenon.
Whereas the typology of devoicing types proposed
by [10] focused on differentiating whether the
voicing bar occurs initially, finally or not at all with
respect to the devoiced segment, the types observed
in this study focused on characterizing the spectral
trajectory of energy throughout the life of the
devoiced segment. Vowel devoicing in the literal
sense does appear to exist in this constellation of
phonetic behaviors, but it does so predominantly in
devoiced tokens of /u/ which produce a diffuse,
[w]-like labialized frication that is not reliably
audible in all speech conditions and thus may be
equated with deletion. For this reason, we call for a
terminological distinction to be made between
“vowel devoicing” in its most literal sense and
“fricative epithesis” [1, 2, 6], the latter of which is a
more fitting phonetic description of the phenomenon
observed when a burst of salient high-frequency
aperiodic energy emerges phrase-finally. Since the
devoicing phenomenon has been attested in all
French vowels, further research should investigate
the role of vowel height and nasality in determining
the acoustic quality of the devoicing. Future studies
should also examine the role of vowel frequency in
the top 25% of French lexical items, as a means of
determining if devoiced /i/ has become the canonical
example of devoicing due to vowel frequency effects
in the lexicon or the increased salience of its
fricative energy at higher PDVs, or both.
The present work has far-reaching implications
for studies of phonetics and sound change because it
documents how a singular process can emerge
phonologically, but, based on the acoustic nature of
an emergent segment, proceed down different
phonetic paths: one where tokens of diffuse
devoiced /u/ may lead to wholesale deletion, and
another where tokens of devoiced /i/ may lead to
lexicalization or a laxing of the phrase-final domain,
both of which have already been attested for this
variable in the high-frequency word oui ‘yes’ [14].
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ABSTRACT
Drenjongke (Bhutia) is a Tibeto-Burman language
spoken in Sikkim, India. Previous impressionistic
descriptions of Drenjongke report a three-way
laryngeal contrast in fricatives: voiceless, voiced and
devoiced, but how this contrast is phonetically
implemented has not been investigated. This study
reports phonetic analyses of Drenjongke fricatives
based on acoustic recordings and Electroglottograph
data from five (1 female, 4 male) Drenjongke
speakers. Our data is consistent with previous studies
in that Drenjongke fricatives have a three-way
laryngeal contrast. However, we found that the
laryngeal contrast in Drenjongke manifest itself both
in terms of voicing and f0, as voiceless fricatives are
followed by high f0, and voiced and devoiced
fricatives by low f0. We found a gender-based
variation in voicing contrast as well; while the female
speaker produced clear glottal vibration at the onset
of the frication noise, male speakers did not do so.
Keywords: Drenjongke, fricatives, voicing, tone,
EGG.
1. INTRODUCTION
Drenjongke, also called “Bhuthia”, “Hloke” or
“Sikkimese”, is a Tibeto-Burman language spoken in
Sikkim, India (see Figure 1). Currently spoken by
about 80,000 speakers, it is endangered, as the official
languages in Sikkim are Nepali and English.
Moreover, Drenjongke does not have its own
orthographic system; speakers instead use a script
based on classical Tibetan, although it is does not
reflect the current state of the vernacular language [7].
The phonological system of Drenjongke has been
described in previous studies (see [3], [4] or [13] for
example), but these were based on impressionistic
observations. There is a need for more acoustic
studies, in order to provide a more objective
description of the language. The present paper
investigates
the
acoustic
and
articulatory
characteristics of the laryngeal contrast in
Drenjongke fricatives.
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Figure 1: Languages of the Himalaya

Previous impressionistic descriptions point out a
four-way laryngeal contrast in Drenjongke plosives,
but a three-way laryngeal contrast for fricatives [3, 4,
13]. These studies posit three fricative types:
voiceless, voiced and devoiced fricatives. The term
“devoiced” designates a specific type of fricatives,
which used to be voiced but historically underwent
devoicing. This is clearly reflected in the loss of a
voiced prefix observed in the Uchen Tibetan writing
system.
What these studies also suggest is the existence of
an interaction between voicing and tone in the
fricative contrast, as Drenjongke has a two-way tonal
contrast (high and low), realized as a function of
voicing.
2. THEORETICAL AND EMPIRICAL
BACKGROUND
2.1. Fricatives and tone

Cross-linguistically, the voiceless-voiced contrast for
fricatives is commonly found. There are languages
where voicing is contrastive in fricatives (e.g.
Japanese, English, French), and some other where it
is not (e.g. Korean [2]). However, the two types of
fricative are not equally common; i.e. voiceless
fricatives are more frequent than voiced fricatives [8].
Indeed, voiced fricatives are articulatorily more
challenging to produce: in order to create frication,
the intraoral airpressure needs to be kept high, which
makes it hard to sustain transglottal airpressure drop
to maintain voicing. As a consequence, they are less
frequent than voiceless ones.

Among the few studies on voiced fricatives, [11 et
seq.] provide some insightful findings on their
articulatory and acoustic characteristics. In terms of
production, voiced fricatives have extended glottal
vibration at the onset and offset of the frication noise.
Additionally, voiced fricative exhibit extensive F1
transitions at boundaries in both VC- and CVtransitions. [11] also found out some perceptual cues
for voicing in fricatives; they argue that the
perception of voicing is largely based on the duration
and amplitude of the glottal vibration during the
frication noise. Namely, a fricative is perceived as
voiced if there is frication noise without glottal
vibration that is 60 ms or shorter. Similar results were
observed in a study investigating Dutch by [6].
Interactions between consonant voicing and tone
are not uncommon cross-linguistically. It is often
observed that some types of consonants impose some
phonological restrictions on tonal distributions, and
this is not only true for tonal languages. [5 et seq.],
for example, claims that the voicing of an obstruent
affects the following vowel in terms of f0. Voiced
obstruents are immediately followed by a low f0,
while a high f0 is usually associated with voiceless
obstruents. From [5], it is expected that fricatives
should also follow this pattern: to a voiceless fricative
a high f0 and to a voiced one a lower f0.
2.2. Drenjongke fricatives

Drenjongke is a language with a two-way tonal
contrast (high and low) and a three-way laryngeal
contrast in fricatives [7]. Previous descriptions of the
fricatives contrast [7] are summarized in Table 1.

Voicing
Tone

Voiced
Yes
Low

The acoustic and articulatory data was collected in the
summer of 2017 by the second author in Sikkim,
India. Native speakers of Drenjongke were asked to
take part in a reading task where stimuli were
presented in the Uchen Tibetan script on slides using
Keynote and a Macintosh computer. Recordings were
conducted using a Shure WH30XLR head-worn
microphone and a TASCAM recorder (DR100-MK).
The participants were all primary or secondary school
teachers that were also fluent in English and Nepali.
Stimuli were all the possible syllables containing
fricatives from the Drenjongke syllabary followed by
the vowel /a/: /sa/, /ʃa/ (voiceless), /za/, /ʒa/ (voiced)
and /z̥ a/, /ʒ̊a/ (devoiced). Each syllable was produced
five times. The results of this study present the data
recorded from 5 speakers (1 female, 4 male). After
removing disfluent tokens, we analysed a total of 144
tokens. Annotation and acoustic measurements were
conducted using Praat (version 6.0.23) [1], and
statistical comparisons were made with R (version
3.4.1) [10].
In addition, laryngeal activity was recorded using
an Electroglottograph (EGG), a non-invasive device
which measures the impedance between the vocal
folds, reflecting the degree of contact between vocal
folds. This is quantified as the “open quotient” in
voice production. EGG data was collected using a
Glottal Enterprises EG2PCX2 Electroglottograph.
4. RESULTS
4.1. f0

A summary of the results of the acoustic analysis for
f0 (for male ‘m’ and female ‘f’ speakers) is presented
in table 2. F0 measurements were conducted using a
Praat [1] script.

Table 1: Drenjongke fricatives

Voiceless
No
High

3. METHODOLOGY

Devoiced
No
Low

Previous findings indicate that tonal contrasts in
fricatives are realized as a function of voicing:
voiceless fricatives are followed by a vowel with a
high tone and voiced ones by a low one. However, the
devoiced category appears to be unique, as, it should
involve both absence of voicing and low tone; this
association is something that is unexpected from the
typological observation made by [5].
The present study investigates experimentally the
phonetic characteristics of Drenjongke fricatives in
order to test whether findings from phonological
descriptions hold in actual speech.
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Table 2: Acoustic results of the following vowel
f0

Voiceless
High f0

Voiced
Low f0

Devoiced
Low f0

avg.
m: 140.2Hz
f: 185.4Hz

avg.
m: 130.2Hz
f: 174.9Hz

avg.
m: 129.1Hz
f: 176.7Hz

The analysis of the acoustic data confirms the
observations in previous descriptions of the language.
The vowels following voiceless fricatives were
observed with a higher f0 than for the voiced and
devoiced categories. An independent samples t-test
reveals a significant difference for f0 between the
voiceless and voiced categories for male (t(73)=-2.04,

for the female speaker while for the same syllable in
male speech, voicing was absent.
Figure 4: Voiced fricative of a female speaker
0.056

0
-0.036
6000
Frequency (Hz)

500
Pitch (Hz)

p=.04) and female (t(18)=-3.21, p<.01) speakers and
between the voiceless and devoiced categories for
male (t(76)=-2.3, p=.02) and female (t(18)=-2.32,
p=.03) speakers. On the other hand, no differences
were observed between the voiced and devoiced
categories for both male (t(73)=-.30, p=.76) and
female (t(18)=.42, p=.67) speakers. What these
results suggest is that f0 is a crucial predictor for the
devoiced category as it allows to make a distinction
between voiceless and devoiced categories. This is
illustrated in Figures 2 and 3 where f0 contours
appear as blue lines. In Figures 2 and 3, two
spectrograms of the productions of the same speaker,
we can observe a higher f0 contour for the voiceless
fricative /ʃa/ than for the devoiced one /ʒ̊a/.

0

0
zh

a

0

Figure 2: f0 after a voiceless fricative
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Figure 5: Voiced fricative of a male speaker
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Figure 3: f0 after a devoiced fricative
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4.2. Voicing

The presence of voicing during frication was assessed
via inspection of waveforms and spectrograms. The
results were consistent with previous studies for
voiceless and devoiced fricatives—no voicing was
observed. However, while our results indicate a clear
voicing contrast for voiced fricatives in female
speech, as illustrated in Figure 4, the same contrast
was not observed in male speakers (Figure 5). In
Figure 4, a clear glottal vibration was observed at the
onset of frication up to the mid-point of the fricative
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What the results suggest for fricatives is that male
speakers might have a two-way laryngeal contrast,
based on f0 distinction only; i.e. they no longer
contrast between voiced and devoiced fricatives.
Indeed, no contrast can be observed in male speakers’
production, as long as the presence of voicing is
concerned, since no glottal vibration is produced for
either category. In terms of f0, while voiceless
fricatives are immediately followed by vowels with
higher f0 which distinguish this category from the
other two, this is not the case for the voiced and
devoiced categories. We analysed further acoustic
cues in order to investigate whether the contrast
between the voiced and devoiced category manifests
itself in some other phonetic dimensions. To this end,
other acoustic cues such as duration, center of gravity
(COG) and intensity of the frication noise were
assessed. However, statistical testing of these factors
showed no significant differences between the two
categories, even though there was a tendency to have
a lower COG for the voiced category (realized as
voiceless).
Electroglottography data confirmed the findings
above regarding the voiced category for male
speakers. This is illustrated in the differences in

laryngeal activity in Figures 6 and 7 obtained from
the Matlab based program Eggnog [12] version 0.5.1.
Figure 6: EGG results of a voiced fricative for a
female speaker
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Figure 7: EGG results of a voiced fricative for a
male speaker
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Table 3: Contrast in Lhasa Tibetan fricatives: Tibetan
script followed by transliteration in italics and IPA
L tone (voiced)

ཞ zha [ʃà]
ཟ za [sà]

a
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Egg (closure up)
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tendency. However, the observations above are based
on a production data from a few speakers only and we
need to conduct analysis of the production data on a
larger population. Moreover, in order to investigate
whether the neutralization of the voicing contrast
observed in male speech is complete or incomplete
[9], further research is necessary. Namely, we will
conduct perception tests to identify potential
perceptual cues allowing Drenjongke speakers to
distinguish the two categories.
The gender-based nature of the observed
neutralization phenomenon is of interest. One
possible explanation to account for this neutralization
of the voicing contrast is the influence of education.
Indeed, in Nepal and Sikkim, many of the men are
monks or receive monastic education using Tibetan,
and in the current study the stimuli were presented to
the participants using Tibetan script. As Lhasa
Tibetan phonology, for example, has no voicing
contrast but does have a tonal distinction in fricatives
(see Table 3), we can postulate that exclusively male
speakers might have been influenced by their
linguistic knowledge of Tibetan.

0.9
0.7
0.5
0.3
0.1
0.3

0.4
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0.6

0.7

0.8

t/s

5. DISSCUSSION AND CONCLUSION
This study investigated the acoustic characteristics
of Drenjongke fricatives. Our findings were only
partly consistent with previous impressionistic
descriptions of the language [7]. For the female
speaker only, we could confirm the three-way
laryngeal categories. Voiceless fricatives are
characterized by an absence of glottal vibration and
are immediately followed by high-pitched vowels.
Voiced and devoiced categories are both followed by
low-pitched f0, and can be distinguished in terms of
the presence/absence of glottal vibration. For male
speakers, the current data seems to suggest that they
have only two distinct laryngeal categories. Indeed,
the contrast between voiced and devoiced fricatives
appears to be neutralized, as both were realized as
voiceless and followed by low-toned vowels.
Furthermore, this phenomenon is not limited to the
syllabary reading, as preliminary investigation of a
word list read by the same speakers shows the same
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H tone (voiceless)

ཤ sha [ʃá]
ས sa [sá]

Another finding of this study concerns the
interaction between voicing and tone. We found that
a low tone can occur after a devoiced fricative,
contrary to previous studies’ results pointing out the
influence of consonant voicing on tone (i.e. absence
of voicing in obstruents triggers a high tone) [9]. This
suggests that the acoustic influence of consonants on
tone can be overridden by a phonological grammar
that demands a particular tonal classification
(manifested in f0).
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ABSTRACT
The paper investigates acoustic properties of the
Greek voiceless plosives /p, t, k/, including the
palatal allophone [c], by examining absolute and
relative VOT and closure duration, relative burst
intensity and spectral moments. Variability due to
place of articulation, vowel context, gender and age
is examined. The speech material comprised
C1VC2V real words (C1=/p, t, k/, V=/i, a/,
C2=dental/alveolar). Data from 12 adult speakers
and 12 children (6 male and 6 female in each group)
were analysed. Results showed that relative closure
duration decreased and relative VOT duration
increased in the order /p/, /t/, /k/ showing the
anticipated inverse relationship reported in the
literature. VOT was longer in the high vowel context
for /t, k/. All spectral moments were significantly
affected by place of articulation. Relative burst
intensity was greater for the velar. Effects of gender
and age were variable. Results are discussed in
relation to theory and crosslinguistic evidence.
Keywords: stops, closure, VOT, duration, burst,
spectral moments, amplitude, Greek
1. INTRODUCTION
The voiceless stops of Modern Greek comprise the
bilabial /p/, the dental or dentoalveolar /t/ and the
velar /k/. The last has a palatal allophone [c] in the
environment of the front vowels /i, e/ or /i/ followed
by another vowel within the same syllable [3]. Its
articulation can vary with constriction in the palatal
or alveolopalatal area as shown in [17]. Voiceless
stops are unaspirated in Greek. There are several
studies that have examined the durational properties
of the closure and release phases of the Greek
voiceless stops (for example [2], [14], [18]; see also
review in [3]) but there are hardly any studies
examining other important acoustic properties such
as burst amplitude, spectral moments and formant
transitions to the flanking vowel environments (see
e.g. [4] for selected spectral measurements of the
stop release and the formant frequencies of flanking
vowels, and [1] for a crosslinguistic study).
An important question in the study of stop
production has been the determination of the
acoustic correlates of place of articulation
distinctions. Closure and VOT duration, burst
spectral shape, spectral moments, burst amplitude,
and formant transitions have been shown to
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contribute to place of articulation differentiation.
Typically, as the point of articulation moves back in
the oral cavity, closure duration decreases and VOT
duration increases. As such, previous studies have
reported closure durations decreasing and VOT
durations increasing in the order /p, t, k/ (e.g. [7],
[9], [15]). Physiological/aerodynamic characteristics
have been shown to account for such variation (see
[7] for a review). In particular, closure durational
differences have been explained on the basis of the
timing of the intraoral pressure peak which occurs
more quickly when the supraglottal cavity behind
the constriction is smaller. VOT differences have
been explained on the basis of factors such as the
volume of the cavity behind and in front of the
constriction, the speed of articulatory release (i.e.
fastest for lips, fast for the tongue tip, slow for the
tongue body), the extent of the articulatory contact
area (i.e. more extended contact relates to slower
release).
Burst spectral shape differences among stops of
different places have been noted with labials having
a diffuse falling pattern, alveolars a diffuse rising
pattern and velars a compact pattern. Such
differences have been related to cavity shape
differences in front of the occlusion [12]. In
addition, spectral moments analyses have shown that
more retracted places of articulation, which result in
longer front oral cavity, are characterised by lower
mean, lower standard deviation, positive skew, and
positive kurtosis, i.e. lower frequency energy, more
compact burst spectrum and more peaked
distribution. Previous research on English stops has
also shown that the strongest burst energy is found
for the alveolars and the weakest for the labials
([10], [28]). Finally, important information on stop
place of articulation is carried by F2 formant
transitions in CV syllables (e.g. [5]. [24], [26]).
Furthermore, several factors have been reported
to affect stop production. Significant contextual
effects on the first spectral moment (M1) for /t/ and
/k/ were shown in [20] indicating anticipatory V-toC effects. The same study reports more anticipatory
effects on /k/ for children than adults suggesting
greater influence of the upcoming vowel on the
tongue dorsum for children. The study also reports
age related differences in M1 with higher values for
children than adults due to the former's smaller oral
cavities. In addition, age and gender effects have
been reported on VOT duration in a series of studies

and have been accounted for on the basis of
physiological or sociophonetic factors, e.g. [19],
[21], [22].
The current study aims to examine several
acoustic characteristics of the Greek voiceless stops,
i.e. absolute and relative closure and VOT duration,
relative burst intensity and spectral moments of the
burst. It examines variability in these measures due
to factors such as place of articulation, context,
gender, and age. This is the first study that combines
all these measures including a spectral moments
analysis of the stop bursts, and investigates
variability in stop production due to the
aforementioned factors. To our knowledge, gender
and age effects have not been studied before for all
these measures for the Greek stops. As such, the
results of this study are expected to increase our
understanding of the contribution of different factors
to variability in stop production providing insights
for theory and applied areas such as clinical practice
and technological applications.
2. METHODOLOGY
The speech material consisted of C1VC2V real words
with C1=/p, t, k/, V=/i, a/ (mostly symmetrical
sequences), C2 a dental/alveolar consonant and stress
on the first syllable, e.g. /'pata/ (step (v)), /'pini/ (s/he
drinks), /'kili/ (hernia). Words were embedded in
the carrier phrase ['leʝe __ pa'du] "say __
everywhere" and were repeated three times by each
subject at a comfortable speaking rate. Data were
recorded from 12 adult subjects (A) and from 12
children (C) aged 8-10 (6 male (M) and 6 female (F)
participants in each group). All subjects had normal
hearing and speech and spoke Standard Modern
Greek with no detectable accent. All children and
most adults were from Thessaloniki; three adults
came from other major cities in mainland Greece but
lived in Thessaloniki for many years and two were
from Athens.
Data were recorded with a Sennheiser ME66/K6
microphone in a sound-treated booth (sampling rate
at 44.1 KHz). They were automatically segmented
and were all manually checked and corrected, where
necessary, by the first two authors in PRAAT. The
following measures were then calculated: absolute
stop closure duration (from the end of the formant
frequencies of the final vowel in ['leʝe] to the burst),
absolute VOT duration (from burst onset to the onset
of regular pulsing for the following vowel), relative
burst intensity, and spectral moments. Relative
closure and VOT durations were also calculated to
control for speech rate, i.e. percentage of the
duration from closure onset and burst onset
respectively to the offset of the first vowel. To
normalize inherent intensity differences among
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individual speakers, relative burst intensity was
calculated by subtracting the RMS intensity obtained
from a 30ms Hamming window placed at the start of
the vowel following the stop from the RMS intensity
of a 10ms Hamming window centered on stop burst
onset (dB). A 0 value indicated that the first 30ms of
the vowel and the burst intensity were the same.
Spectral moments (mean, standard deviation,
skewness, kurtosis) were derived from the stop burst
using a 1024-point Fast Fourier Transform and a
10ms Hamming window centered on the burst onset.
Following [13], prior to the calculation of the
spectral moments, all samples were (a)
downsampled at 22050 Hz, (b) pre-emphasized with
a first order filter with a pre-emphasis coefficient
equal to 0.97, and (c) zero-phase high-pass filtered
by a 60-tap FIR filter with a cutoff frequency of 70
Hz. The MATLAB code can be found online
(http://www.csd.uoc.gr/~kafentz/publication.html).
A mixed model ANOVA was carried out for
each measure, with place of articulation and vowel
as the within-subjects factors, gender and age as the
between-subjects factors, and subjects as random
factor.
3. RESULTS
3.1. VOT and closure duration

Significant differences due to place of articulation
were found for both absolute (F(2, 416)=151.32,
p<0.001) and relative (F(2, 416)=392.15, p<0.001)
VOT duration. VOT decreased in the order
/k/>/t/>/p/. Tukey post hoc tests showed significant
differences among all places for the relative measure
but not between /p/ and /t/ for absolute duration (abs:
/k/=0.046, /t/=0.017, /p/=0.015). In addition, the
place of articulation by vowel interaction was
significant (abs: (F(2, 416)=36.93, p<0.001; rel:
(F(2, 416)=77.80, p<0.001); post hoc tests showed
that VOT was significantly longer in the /i/ than /a/
context for /k/ and /t/. An increase in duration
around 50% is evident in the /i/ context for both /k/
and /t/ in both absolute and relative measures. The
Figure 1: Absolute VOT duration in seconds for /p, t, k/
in the /i/ and /a/ vocalic contexts.

palatal [c] was produced with very long VOT (see
/k/ in the /i/ context (0.063 sec) in Fig. 1; absolute
values are presented in Figure 1 and Table 1 for
comparison with the literature). The age main effect
was not significant, while gender was significant for
the relative VOT measure with males having overall
longer VOT than females (F(1, 416)=6.46, p=0.019).
Significant differences due to place of
articulation were also found for closure duration
(abs: (F(2, 416) = 69.90, p<0.001); rel: (F(2, 416) =
228.47, p<0.001). Closure duration decreased in the
order /p/>/t/>/k/. Post hoc tests showed significant
differences among all places for the relative measure
but not between /p/ and /t/ for absolute duration (abs:
/p/=0.117, /t/=0.115, /k/=0.92). The place of
articulation by vowel interaction was significant (rel:
F(2, 416)=3.59, p=0.028); post hoc tests showed that
relative duration was longer in the /i/ context for /t/.
A significant age effect showed longer absolute
duration for children than adults (F(1, 416)=4.98,
p=0.037) but such differences were not found for
the relative measure. Gender was not significant.
Table 1 presents the absolute duration results.
Table 1: Mean absolute VOT and closure duration in
seconds, and standard deviations in parentheses, for /p, t,
k/ for male (M), female (F) adult (A) and children (C)
participants.

MA
FA
MC
FC

MA
FA
MC
FC

VOT duration
/p/
/t/
0.014 (0.004)
0.017 (0.006)
0.010 (0.002)
0.015 (0.007)
0.017 (0.008)
0.022 (0.012)
0.021 (0.051)
0.016 (0.008)
Closure duration
/p/
/t/
0.110 (0.022)
0.106 (0.026)
0.114 (0.017)
0.109 (0.014)
0.117 (0.023)
0.120 (0.031)
0.127 (0.029)
0.128 (0.031)

Figure 2: Relative burst intensity in dB for [p, t, k] in the
/i/ and /a/ vocalic contexts.

3.3. Spectral Moments

3.3.1. Mean frequency
Place of articulation was significant (F(2,
416)=12.04, p<0.001); post hoc tests showed
significantly lower mean frequency for /k/ than /p, t/.
The means for the vowel main effect (F(1,
416)=13.35, p<0.001) showed overall lower mean
frequency in the /a/ than /i/ context. However, post
hoc tests for the place of articulation by vowel
interaction (F(2, 416)=19.11, p<0.001) showed
significantly lower frequency in the context of /a/
for /k/ only (Fig. 3). No significant age or gender
effects were found.
Figure 3: Mean frequency in Hz for [p, t, k] in the /i/ and
/a/ vocalic contexts.

/k/
0.047 (0.020)
0.043 (0.020)
0.049 (0.023)
0.048 (0.025)
/k/
0.077 (0.018)
0.089 (0.020)
0.101 (0.028)
0.106 (0.038)

3.2. Relative burst intensity

Place of articulation was significant (F(2,
416)=18.83, p<0.001); post hoc tests showed
significantly greater relative burst intensity for /k/
than /p/ and /t/. In addition, significantly greater
burst intensity was present in the context of /a/
than /i/ for /k/ (place of articulation by vowel
interaction: F(2, 416)=10.79, p<0.001). Fig. 2
shows that the relative burst intensity of /k/ in the
/i/ context, i.e. of the palatal [c], is similar to the
other stops while in the context of /a/, i.e. velar
production, greatest intensity is present. A
significant age main effect showed overall
greater intensity for adults than children (A=9.36, C=-11.59), (F(1, 416)=5.93, p=0.024). The
gender main effect was not significant.

3.3.2. Standard deviation
Significant differences in standard deviation (SD)
were found as a function of place of articulation
(F(2, 416)=34.74, p<0.001); SD decreased in the
order /p/>/t/>/k/ (/p/=2278, /t/=2016, /k/=1874).
Higher SD was overall present in the context of /a/
than /i/ (F(1, 416)=67.93, p<0.001) with significant
differences shown by post hoc tests for /k/ only
(/a/=2254, /i/=1495), (place of articulation by vowel
interaction (F(2, 416)=29.44, p<0.001). Higher SD
was present for female than male speakers (F=2231,
M=1882), (F(1, 416)=4.77, p=0.041), for all places
of articulation (F(2, 416)=4.17, p=0.016). Higher SD
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for adults than children was also found (A=2292,
C=1820), (F(1, 416)=8.72, p=0.008).
3.3.3. Skewness
Place of articulation was significant (F(2,
416)=43.96, p<0.001). Post hoc tests showed
significantly higher skewness for /k/ than /p, t/;
differences between /p/ and /t/ were not significant
(/k/=0.741, /p/= 0.080, /t/= -0.055). The vowel,
gender and age effects were not significant.
3.3.4. Kurtosis
Place of articulation was significant (F(2,
416)=17.87, p<0.001). Post hoc tests showed
significantly higher kurtosis for /k/ than /p, t/;
differences between /p/ and /t/ were not significant
(/k/=1.47, /t/=0.157, /p/= -0.101). Overall, higher
kurtosis was found in the environment of /i/ than /a/
(F(1, 416)=7.03, p=0.008) with significant
differences shown by post hoc tests in the
environment of /k/ only (/i/=2.25, /a/=0.68), (place
of articulation by vowel interaction: F(2, 416)=4.36,
p=0.013). The gender main effect was significant
(F(1, 416)=6.33, p=0.02); the means showed overall
positive kurtosis for the male speakers and negative
for the female participants (M=1.02, F= -0.002). No
significant age effect was found.
4. DISCUSSION
Significant differences in relative closure and
relative VOT duration were found among all three
stops. Closure duration decreased and VOT duration
increased in the order /p/, /t/, /k/ confirming the
inverse relationship reported in previous literature
on Greek (see [3] for a review) and other languages
[7]. Such variation due to place of articulation can
be explained on the basis of physiological/
aerodynamic factors as expounded in section 1. It is
worth pointing out that significant differences in
VOT and closure duration across all stops were
evident for the relative measure only, while absolute
duration differences between /p/ and /t/ were not
significant. This can explain the variability that has
been reported for these two Greek consonants in
previous work ([2], [14], [18], and [6] for children),
mainly on the basis of absolute durations which may
be more variable due to rate of articulation changes.
In addition, longer absolute and relative VOT
duration for /t/ and /k/ and longer relative closure
duration for /t/ were found in the context of the high
vowel /i/ than the open /a/ (cf. [11], [14], [18]). Such
contextual effects on VOT may be interpreted on the
basis of aerodynamic factors, i.e. as the supraglottal
space is smaller for /i/ than /a/ it takes more time to
achieve the pressure differences which are required
for the initiation of voicing, hence VOT duration is
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longer. It is worth pointing out that the longest VOT
duration was noted for the palatal [c]. Age
differences were not present in VOT duration which
is in line with previous developmental work showing
that Greek children achieve adult like VOT duration
within their second year of life [23], (cf. VOT values
for Greek children of similar ages to this study in
[6]). An age effect noted for absolute duration with
longer closure duration for children than adults was
not evident for relative duration, therefore indicating
an effect of rate. Finally, longer relative VOT
duration was found for male speakers (cf. [25], [27]
for English showing longer VOT for females, and
[21] for Korean showing longer VOT for males for
aspirated stops). Gender related variation may be
accounted for on the basis of physiological and
sociophonetic factors.
Results on relative burst intensity have shown
greater intensity for the velar /k/ in the context of /a/,
while for the rest of the consonants, including the
palatal [c], intensity was lower (cf. ([10], [28]) for
English aspirated stops with greater intensity for /t/
than /k/). An age effect was also found with overall
greater burst intensity for adults than children.
The spectral moments analysis showed that the
velar /k/ was systematically differentiated from all
other places in all four measures. It was
characterised by significantly lower mean frequency,
lower standard deviation, suggesting a more
compact burst spectrum, higher positive skewness
indicating negative tilt and thus concentration of
energy in the lower frequencies and higher positive
kurtosis indicating a more peaked distribution.
Negative skewness for /t/ suggests energy
concentration in higher frequencies while negative
kurtosis for /p/ is indicative of a relatively flat
distribution with not so clearly defined peaks.
Across the four moments, only standard deviation
was significantly different for all different places.
For the rest of the measures, /p/, /t/, and commonly
[c], did not show significant differences. Finally,
there was variation in gender and age effects. Higher
standard deviation for female than male speakers
and for adults than children suggests overall more
diffuse bursts with energy spreading over a larger
range of frequencies for female and adult
participants. Negative kurtosis for female speakers
indicates that overall they have relatively flatter
spectra with not so clearly defined peaks.
The work reported in this paper is part of a larger
investigation which includes additional parameters,
such as analysis of voiced stops, more vowel
contexts, vowel transitions, and more subjects, with
the last aiming to examine speaker variability in stop
production (cf. [8]), and age and gender effects on
the basis of a larger sample.
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ABSTRACT
We have all learned to associate real voices with
animated faces since childhood. Researchers use this
association, employing virtual faces in audiovisual
speech perception tasks. However, we do not know if
perceivers treat those virtual faces the same as real
faces, or if instead integration of speech cues from
new virtual faces must be learned at the time of
contact. We test this possibility using speech
information that perceivers have never had a chance
to associate with simulated faces – aerotactile
somatosensation. With human faces, silent bilabial
articulations (“ba” and “pa”), accompanied by
synchronous cutaneous airflow, shift perceptual bias
towards “pa”. If visual-tactile integration is
unaffected by the visual stimuli’s ecological origin,
results with virtual faces should be similar. Contra
previous reports [8], our results show perceivers do
treat computer-generated faces and human faces in a
similar fashion - visually aligned cutaneous airflow
shifts perceptual bias towards “pa” equally well with
virtual and real faces.
Keywords: Speech Perception, Speech Acoustics,
Multimodal Phonetics
1. INTRODUCTION
We encounter digitally rendered faces often in our
everyday lives through animated films, video games,
and even virtual reality. More to the point, we readily
associate those faces with human voices. Many
audiovisual (AV) speech perception studies make use
of this perceptual flexibility and present the task’s
visual information with a digitally rendered face
instead of a real one (e.g., [9]). Animated faces
provide the obvious benefit of providing much more
fine-grained control when making stimuli.
However, it remains unknown whether
perceivers process information from an animated or
simulated face as they do from a real, human face.
This raises the important question of whether the
results obtained in AV tasks with simulated faces
truly reflect the same integration processes that occur
in real-world interactions. Despite contemporary
people’s extensive experience of animated faces
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paired with human voices, it remains possible that the
integration found in AV studies reflects an
association between auditory speech information and
a non-human source learned at the time of the
experiment. The current paper tests this possibility
with a series of studies using speech information that
perceivers have no experience associating with an
animated face – aerotactile somatosensation.
1.1. Background

While we may not be consciously aware of the
tiny bursts of airflow emitted during the production
of some sounds (e.g., aspirated stops), airflow is one
of many somatosensory inputs our brain receives
while we talk. Air not only flows across our speech
articulators and potentially our extremities, but we
may also feel the airflow of others when speaking in
close proximity. Previous research has demonstrated
that the sensation of this speech-related airflow across
the skin influences stop consonant perception,
pushing the perceiver’s percept toward an aspirated
token. This aspiration effect occurs both when the
airflow is paired with an audio signal [6] and with
silent videos of a person producing bilabial-initial
syllables (i.e., /pa/ and /ba/) [3]. These results further
suggest that integration is automatic enough to occur
in the absence of a possible interlocutor.
However, those results [6, 3] may instead show
that perceivers extend physical capabilities to a nonpresent source when the source is human and
therefore physically capable of producing the
aerotactile information. This raises the question of
how perceivers would treat a synthetic source that is
not physically capable of producing airflow—a
digitally rendered speaker. Unlike a human, a
computer’s means of producing sound should not be
expected to produce a puff of air in the real world. Yet
if the behavioral evidence from the AV literature
reflects an automatic integration process unaffected
by the source’s ecological validity, perceivers should
show no decrease in the aspiration effect described
above. Given the evidence from audio, visual, and
aerotactile studies described above, we make two
predictions:
(1) Regardless of whether the visual source is
from a natural or artificial face, we predict a

slight “ba” bias for tokens presented without
air flow, and a slight “pa” bias for tokens
presented with airflow.
(2) There will be no difference in integration
between participants who view a computergenerated face and participants who view a
human face.

Figure 1: Still shots from the video stimuli.
Top = simulated face, middle = human “ba”,
bottom = human “pa”. Left = open mouth prior to plosive
production. Middle = compress mouth prior to plosive
release. Right = open mouth during vowel production
following plosive release.

2. METHODS
2.1. Visual Stimuli

The visual stimuli for the experiment include three
sources: 1) Simulated face, 2) human “ba”, and 3)
human “pa”. The simulated face stimuli were
generated from a two-dimensional female avatar
created using the CrazyTalk computer animation
software [4]. A single video clip of the face producing
a bilabial plosive followed by a low back vowel (e.g.,
/ba/) was then generated. CrazyTalk’s text-to-speech
feature was used to generate a sound file that was then
synchronized with the avatar’s articulation of the
syllable by aligning the stop burst in the audio file
with the release of the bilabial closure. The resulting
clip was then exported to a QuickTime video file.
The human “pa” and human “ba” stimuli are
each a single video of the same human speaker. The
“pa” is the speaker producing a voiceless aspirated
bilabial stop followed by a low back vowel (/pa/ or
[pha]). The “ba” is the same speaker producing a
voiceless unaspirated bilabial stop followed by a
back vowel (/ba/ or [pa]). For both the human “ba”
and the human “pa” the two video clips were obtained
from the no-lag condition of Bicevskis et al. [3].
2.2. Aero-tactile Stimuli

For each of the three videos (simulated face, “ba”,
and “pa”) the audio from the video clip was extracted.
The resulting sound file was split into a stereo track
and a 50 millisecond (ms) 10 kHz sine wave was
inserted in the left channel using Audacity [1]. The
voltage from the sine wave was used as a trigger to
release a gentle puff of air (~ 7 psi) from a California
Air Tools 4610 air compressor, itself located outside
of the sound-attenuated booth used for the following
experiments.

The sine wave ended 35 ms before the stop burst
to account for system latency. This ensured that the
puff of air exiting the tube and the release of the
bilabial closure would be synchronous.
The left channel of the sound file (with the tone)
was then extracted and recombined with the original
video clips to create a silent video clip that triggered
a simultaneous puff of air. For the no puff condition,
the left channel was left empty so as to avoid
activating the airflow system. For all conditions, the
right channel was not connected to any playback
system, so no audio was produced. The airflow was
delivered through a ¼ inch vinyl tube running from
the compressor by way of a specially designed switch
box. The opening of the tube was located 7 cm in
front of the participant’s suprasternal notch of each
participant.
2.3. Procedure

Fifty-six native English speakers, mean
age = 21.45 (SD = 5.5), 31 female and 25 male, were
recruited from campus and compensated for a fifteenminute session. Participants provided informed
consent, and the experiments were approved by the
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University of British Columbia’s human research
ethics committee. All participants completed a
language background questionnaire and reported no
speech or hearing difficulties. Before the task,
participants were informed that they may feel air
during some trials but were given no other
instructions regarding the air. All participants were
tested in a sound-attenuated booth and instructed to
keep their head and back against a high-backed chair.
Participants were assigned to one of four groups:
1) 11 to simulated face, 2) 17 to human “ba”, 3) 16
human “pa”, and 4) 12 simulated face without puff.
The experiments were run on an iMac computer using
PsychoPy [10]. Participants viewed repetitions of the
relevant single silent video of a bilabial-initial
syllable. Following Bicevksis et al.’s standard [3],
multitalker babble played through Direct Sound Ex29 headphones from a second computer located
outside the sound booth. For groups 1–3, half of the
videos were presented with a synchronized puff of air
on the participant’s neck, and the other half were not.
Participants in the simulated face/no puff group never
felt airflow. For each trial, participants were asked to
indicate on a keyboard which syllable (“pa” or “ba”)
they felt the talker in the video had said. Trial order
was randomized and the response keys were
counterbalanced.
2.4. Statistical analysis

Interaction effects were visualized in R [11] using
ggplot2 [12]. In addition, Generalized linear mixedeffects models (GLMM) were run on the interactions
between trial order, condition (visual vs. visual +
tactile), and visual stimuli type (simulated face,
human “ba” and human “pa”) for both the response,
and the response times. Model fitting was applied in
a stepwise backwards iterative fashion, and models
were back-fit using the Akaike information criterion
(AIC) in order to measure the quality of fit. This
technique identifies the best fit for the data, allowing
elimination of interactions in a statistically
appropriate manner. The two final models can be
seen in Formulas (1) and (2).
(1)
response ~ condition
+ (1 + condition | participant)
Where response is a numerical value, 1 for “pa” and
0 for “ba”, and condition is one of audio, or audio +
tactile.
(2)
log(response time) ~ trial order
+ (1 + trial order | participant)
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Where log(response time) is the log of the response
time, and trial order is the order in which the
individual 2AFC question was asked (1 through 70).
Note the simplicity of these models: other
interactions or main effects terms were either not
significant, failed to converge, or failed to show
significance during back-fit analysis.
3. RESULTS
Participant responses to visual only (no puff) and
visual + tactile (puff) stimuli, by trial number, are
presented in Figure 2. They show that for the
simulated face and the two human faces, participants
have a response bias shift towards “pa” for the visual
+ tactile condition as compared to the visual only
condition. However, while there is some variation
across the groups, it is apparent in Figure 2 that there
was no significant interaction between trial order and
visual stimulus type. In other words, participants did
not significantly shift their response behavior over the
course of the experiment for any of the visual stimuli
types.
The best-fit (back-fit) generalized linear
mixed-effects model comparing responses shows that
the only significant variable was condition (visual
only vs. visual + tactile, t-value = 6.527, p < 0.001).
Trial order and visual stimuli type were not
significant, and did not have a significant impact on
the maximum-likelihood model fit.
Figure 2: Percent “pa” responses by visual stimuli
and trial order. Note that for the control experiment,
the only condition was “visual”; participants did not
feel airflow at any point during the experiment.

As seen in Figure 3, response times sped up
throughout the experiment. The statistical analysis
revealed that the trial order effect is significant (tvalue = -6.829,
p < 0.001).
However,
while
participants in the human “pa” group were slower to
respond at the start of the experiment, the interaction
between trial order and visual stimuli type did not
emerge as significant during back-fit analysis.
Figure 3: Response times by visual stimuli type and
trial order. Thickness of shaded lines based on
confidence intervals from locally weighted
polynomial regression estimations (LOESS).

given that stimuli coming from opposite directions
are unlikely to originate from the same natural source.
Our results add to these findings showing that
perceivers are not overly concerned with whether
speech information originates from an ecologically
valid source. Instead, they appear to integrate signalrelevant and synchronous speech information
regardless of whether the apparent source is real —
no real-time learning is required to accomplish this
task.
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looking for an ecologically valid, localized source in
their immediate environment when integrating crossmodal cues. For example, the source of the visual
information in an audiovisual task need not appear to
coincide in space with the source of the auditory
information [7, 2, 5]. Such findings are remarkable
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aspirated stops pattern with voiceless stops in terms
of their effect on the MC tones, but in Gan, the
aspirated stops unexpectedly lower tone. It has been
suggested that the aspirated stops went through a
phase of ‘voicing’ which conditioned this lowering
[28], but also that historical [5, 22, 23, 24, 37] and
synchronic [21, 35, 37, 38] differences in aspiration
have been responsible for further tone splits, in
particular among the historical Yin Qu and Yin Ping
tones.
Finally, while Gan dialects have been the object
of considerable attention, no acoustic studies of
them have been carried out to date. Accordingly,
descriptions of the tone system vary from researcher
to researcher. In the dialects of Xiushui County, for
instance, the number of tonemes (MC Ru included)
reported varies from 6 to 11.
In this paper, we present the first acoustic study
of a Gan Chinese dialect. We focus on the nonchecked tones of Zhajin Gan, a Xiushui Gan variety.
We concentrate on three questions:
(1) How many tonemes are in Zhajin Gan?
(2) Is there evidence for a synchronic
difference in aspiration that may be
responsible for tone lowering?
(3) What is the synchronic phonetic realization
of the historical voiced and aspirated
initials?

ABSTRACT
This paper presents the first phonetic study of the
tone system of Zhajin Gan. While important for our
understanding of tonogenesis in general and
Chinese historical phonology in particular, the tone
systems of Gan dialects have not been analysed
acoustically. Zhajin Gan can be analysed as having
6 or 7 tones in non-checked syllables, with most
having two allotones conditioned by historical
differences in onset type. However, as synchronic
cues to the laryngeal contrast have weakened or
disappeared, the previously redundant onset f0
differences are being phonologized, setting the
stage for additional tone splits. In Zhajin Gan,
plosives and affricates from MC Ciqing and
Quanzhuo series are synchronically realized as laxvoiced stops, correlating with lower onset f0, but
without any evidence for synchronic aspiration. We
discuss the possible role that non-modal phonation
may have played in the evolution of this complex
tone system.
Keywords: Zhajin Gan, tone, f0 lowering,
prevoicing, phonation
1. INTRODUCTION
Middle Chinese (MC) is traditionally
reconstructed as having a three-way contrast
between voiced, voiceless unaspirated, and
voiceless aspirated initial obstruents [18]. In most
modern Chinese languages, this system is
sometimes preserved, but often reduced to a twoway contrast between voiceless and aspirated due to
a devoicing of the voiced series. The Gan dialects,
along with some Xiang and Wu varieties, are
unusual in that instead, the voiced and aspirated
onsets are understood to have merged [3, 40, 41].
However, the synchronic realization of this merged
initial category in Gan has been variously reported
as voiced unaspirated [3, 22, 23, 24, 32, 37],
voiceless aspirated [39], voiced aspirated [6, 33], or
co-existence of all the phonetic realizations
mentioned above in different generations [5, 21].
Understanding the realization of these segments
is also important for understanding the evolution of
tone in Gan and in Chinese languages more
generally. In most Chinese languages, the MC

1.1 Location and vernacular

Xiushui County, located in the northwest corner
of Jiangxi Province, China, lies at the junction of
Hubei, Hunan and Jiangxi provinces. Zhajin town is
located around 30km west to Yining town, the city
center of Xiushui. According to Language Atlas of
China [14, 16], Xiushui Gan is categorized into
Chang-Jing and Chang-Du variety of Gan
respectively.
1.2 Terminology and notation

Conventionally, tones in Chinese languages are
described with reference to their presumed
historical origins in terms of onset and rime types.
For reference, the traditional terminology and
related reconstructed phonetic realizations of MC
onsets are given in Table 1. There are 4
reconstructed tones in MC, namely the Ping (level),

1193

Shang (rising), Qu (departing) and Ru (entering)
tones. MC initials are divided into four major
categories: Quanqing (voiceless unaspirated),
Ciqing (voiceless aspirated), Quanzhuo (voiced
unaspirated), and Cizhuo (sonorants). The
reconstructed MC initials are illustrated using labial
consonants (bold form) and the notations (italic
form) are listed in Table 1, and ‘b’ and ‘f’ used in
the notation stand for plosive/affricate and fricativeinitial tones respectively. Conventionally, tones
with Qing (voiceless) initials are called Yin tones
and tones with Zhuo (voiced) initials are called Yang
tones. The evolution of MC Ru in Gan is also
affected by the coda (*-p/t vs *-k); however, due to
the complexity of this system and space constraints,
we do not treat the Ru tones here.
For brevity, we refer to Quanqing onsets as PA
and the (in Gan allegedly merged) CiqingQuanzhuo onsets as PB.

2.2. Analysis methods

F0 curves were modelled using generalized
additive models with the R mgcv package [36]
Smoothed estimates were then computed using the
itsadug package [33]. The plots shown below are
based on these smoothed predicted estimates.
3. RESULTS
3.1 Tones

Fig. 1 shows smoothed estimates for each speaker.
(i.) Broadly speaking, both historical aspirates (-c)
and voiced obstruents (-b) are associated with lower
onset f0. (ii.) Tones from historical Shang sonorants
(2m) are unexpectedly merged with those of the Yin
voiceless unaspirated series (2a); whereas in Ping
and Qu they pattern with the Yang fricatives (1c, 3c).
(iii.) The Quanzhuo tones in Shang and Qu (2b, 2f,
3b, 3f) appear to be merged.
The f0 curves can be analyzed into sub-groups
based on initials. Basically, the MC Yin tone has
allotones based on -a (MC unaspirated) and -c (MC
aspirated) initials. The situation of the MC Yang
tone is more complicated. Historical voiced plosives
(-b) predictably act as depressors [7, 27, 30, 31, 42],
while -f (MC voiced fricatives, now voiceless) and
-m (MC sonorants) tend to pattern together.
However, in the Shang series, MC Cizhuo sonorants
(2m) have merged with Quanqing obstruents (2a),
while the Yang Qu tones (3m/3f, 3b) have merged
with those of the Shang series, which is a welldocumented sound change in Mandarin varieties,
Gan and some Xiang varieties as well [11]. The Yin
Qu tones, although behaving as expected with
respect to historical aspiration, have developed
much more extreme pitch divergences than the Ping
or Shang series, and it is probably safe to say that
tones 3a and 3c are distinct tonemes.
Interestingly, sonorant-initial tones pattern
differently across the MC tonotypes. 1m and 3m
pattern with Yang tones while 2m patterns with Yin
tone. Hirata [9] suggests that sonorants can be either
lax or tense articulated. One possibility is that this is
related to the pitch environment [26], that is, in high
pitch environment, sonorants are articulated with
rather tense vocal folds and tend to pattern with Yin
tones, while in low pitch environment, they are
produced with a rather lax vocal folds setting and
tend to pattern with Yang tones. The extremely high
pitch offsets of 3a and 3c would then be a very
recently-arisen feature.

Table 1: Notation. (PB segments are in thick borders.)
MC tone Ping

Shang

Qu

MC initial
Qing

Zhuo

Quanqing
*pa,*fa
Ciqing
*pha,*fha
Quanzhuo
*ba
Quanzhuo
*va
Cizhuo
*ma

1a

2a

3a

1c

2c

3c

1b

2b

3b

1f

2f

3f

1m

2m

3m

2. METHODS
2.1. Participants and data collection

All data were obtained during a field trip to
Xiushui, Jiangxi in January 2017. Here, we present
data from three speakers (one male: M1, aged 64,
and two females: F1, aged 73, F2, aged 47), all from
Zhajin town, Xiushui county. 503 monosyllabic
tokens were chosen from Fangyan Diaocha Zibiao
[15] to cover a range of onset, rime and tone types.
Onsets were from the set /b d f h j k m n ȵ ŋ p s t tɕ
ts v w z/. Speakers were recorded using Praat [1] via
an Avid Mbox Mini connected to a Beyerdynamic
TG H55C headset microphone. Tokens were
presented to speakers as Chinese characters, one per
PowerPoint slide and isolation forms were recorded.
All the sound files were annotated in Praat [1] and
analyzed using VoiceSauce v1.31 [29] to obtain
acoustic measurements at a 1ms resolution.
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Figure 1: Predicted GAM smooths for tones
based on historical initial and tone class by
speaker. Red are Yin tones, blue Yang tones. Solid
lines indicate tones with plain voiceless and
fricative onsets; dashed lines indicate sonorant
onsets; dotted lines indicate PB onsets.

Figure 2: VOT distributions of PA and PB by
speaker. Blue are MC unaspirated, red are MC
aspirated, and green are MC voiced.
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In terms of the absolute value and the temporal
reach of the f0 differences, tones -a, -c, -f, and b appear to be different tonemes for most of the
speakers (except, perhaps, M1’s 1a/c and 2b/f
tones). However, we would first like to know if
there are any phonetic differences in the
realization of the onsets that might condition f0
lowering, which would support treating the -c
and -b tones as allotones of the -a and -f tones,
respectively.

3.2 Synchronic aspiration and realization of PB

It is clear from Fig. 1 that tones following
historically aspirated stops (-c) have lower f0 onsets
than those following historically voiceless
unaspirated stops (-a). One suggestion [21, 35, 38,
39] is that this may be the result of a synchronic
difference in aspiration. Fig. 2 shows the
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No acoustic evidence shows a synchronic onset
aspirated-unaspirated contrast. But tones on
syllables with historically aspirated plosives (tone c) have lower onset f0, and show some evidence of
breathy phonation at vowel onset.

distribution of VOT across the -a (voiceless), -c
(aspirated) and -b (voiced) onsets. For M1 and F1,
items with historical PB onsets (-c and -b) are
variably realized with closure voicing (22% for M1,
56% for F1); this is much rarer for the younger
speaker, F2 (just 2%). Notably, there are no
prevoiced velar onsets in the data.
When MC Ciqing and Quanzhuo are realized as
voiceless, they are unaspirated, frequently with
shorter (but not significant) VOTs than -a onsets.
Fig. 3 shows some spectrographic examples
comparing PA onsets to PB onsets realized with and
without voicing lead. Conditionally, the initial
portions of the vowels following -c and -b onsets
can be breathy, with a rising amplitude envelope
and some spectral degradation compared to those
following -a onsets. Space does not permit a full
analysis of the voice quality differences, but there is
at least some evidence that syllables bearing PB
initials may involve breathiness to induce/reinforce
the onset f0 lowering effect [8], which is believed to
be indispensable for further tone splitting [2].
Furthermore, syllables with PB initials are often
realized as approximants or fricatives of the same
articulatory place by M1, especially velar stops,
consistent with the idea that voiceless PB segments
are produced with a lax vocal fold setting [3]. There
also appears to be a relationship between prevoicing
and f0 differences: M1 prevoices a fair number of
PB initials and has a relatively small difference in
terms of f0 between 1a and 1c and 1b and 1m/1f,
while F2 has fewer prevoiced initials but a larger
onset f0 difference. This may be indicative that a
further tone split is in progress.

(3) What is the synchronic phonetic realization of
the historical voiced and aspirated initials?
Both historical voiced (-b) and aspirated (-c)
initials are realized with and without prevoicing by
the older speakers (M1 and F1), but in the speech of
the younger female (F2), prevoicing is rare. While
voice quality differences might distinguish the -c
and -b onsets from the plain -a onsets, they appear
to be otherwise acoustically similar to one another.
Acoustic cues other than pitch are often used to
signal tonal contrast [10] and the concomitant cues
can turn into phonologically distinct features in
certain circumstances. As for the older speakers in
our sample, they seem to employ multiple cues
(vocal fold vibration, breathy phonation, and f0
difference) to distinguish certain tones/onsets.
Breathiness may also play a role in the merging of
MC -c and -b initials as well as the reinforcement of
the onset f0 lowering characteristic of the PB onsets.
It is also noted that MC tone 3a and 3c have an
extremely high f0 offset (also found in MC 4a and
4c, 4m not analysed here). Synchronic aspiration
does not appear to be the cause of this tone split;
rather, it appears that the historical voiceless
aspirated onsets first for some reason became
voiced/breathy, and merged with MC voiced onsets,
which may account for the appearance of
‘aspiration-conditioned tone lowering’ [28]. The
prevoicing [11, 13, 18, 19, 20, 25] and breathiness
in syllables with MC -c and -b may have induced f0
lowering of the tonal onsets on those syllables, and
further lead to the tone splitting along with the
ongoing “devoicing” process in Gan.

4. SUMMARY
(1) How many tonemes are in Zhajin Gan?
Zhajin Gan could be acoustically analysed as
having 6 or 7 tones (M1) in non-checked syllables,
with most having two allotones conditioned by
historical differences in onset type. However, in the
speech of the female speakers (especially the
younger speaker F2), the loss of the historical
laryngeal contrast appears to be connected to further
tone splits. Speaker F2 might be analysed as having
10 distinct tones on live syllables: 1a, 1c, 1b, 1f,
2a(2m), 2c, 3a, 3c, 3b(2b), 3m(2f,3f). However,
perceptual experiments would be necessary to
assess if these differences are perceptually salient.
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ABSTRACT
Socio-ethnic and regional group membership
influence segmental and suprasegmental talker
characteristics. Listeners can use acoustic-phonetic
variation to identify a talker's socio-ethnic and
regional dialect; often with above chance accuracy.
However, the interaction between socio-ethnic
identity and regional dialect in speech perception has
rarely been evaluated. This work examined how
regional dialect variation influences socio-ethnic
perceptions of race within the United States. Black
and White talkers from two distant North Carolina
communities produced /hVd/ words. Listeners
unfamiliar with the dialect completed a twoalternative forced-choice race identification task. An
interaction was observed between talker socio-ethnic
racial identity and regional dialect. Listeners'
identification of White talkers was well above chance
for both communities. Listeners' identification of
Eastern North Carolina Black talkers, participants of
the African American Vowel Shift, was above
chance; but identification of Black Western North
Carolina talkers, participants of the Southern Vowel
Shift, was at chance.
Keywords: Speech perception, regional dialect, race.
1. INTRODUCTION
Both segmental and suprasegmental characteristics of
a talker's speech can be impacted by a range of socioindexical factors, including the speaker's sex, gender,
sexual orientation, age, regional dialect, socio-ethnic
racial identity and peer group, among others [1-7].
Using speaker dependent acoustic-phonetic variation,
listeners can categorize talkers by group membership
with above chance accuracy [7-13]. However, the
same segmental and suprasegmental elements can
convey information about multiple socio-indexical
categories. Thus, the interaction of these acoustic
cues may influence listener perceptions of talker
identity in complex ways [14]. We investigate how
the interaction between two socio-indexical variables
– socio-ethnic racial identity and regional dialect –
influence listeners' race categorization accuracy.
In the United States, legal segregation and other
social separations of Black from White Americans
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have resulted in distinct English dialects for the two
socio-ethnic groups [15]. Listeners are sensitive to the
associations between dialect features and a talker's
socio-ethnic identity [16, 17]; therefore, within the
U.S., listeners can identify the race of Black and
White American talkers with above chance accuracy
from stimuli that vary in length from passages [18] to
sentences [19] to a single vowel [20]. Accuracy rates
are lower, but still relatively robust, with
synthetically-manipulated speech including speech
played backward, time compressed, low- or high-pass
filtered, or monotonized [10, 19, 21]. Although
accuracy rates in these studies are above chance, most
investigations show substantial differences between
talkers in listeners' abilities to accurately identify
talker race [e.g., 18], pointing to the fact that
associations between talker race and acousticphonetic features are socially acquired. Furthermore,
the socio-phonetic variation present in the speech of
socio-ethnically defined groups, such as Black and
White Americans, are not exclusive to the U.S. or to
English [22, 23]. Through linguistic profiling, these
systematic, perceptually indexed socio-phonetic
variants can have educational, social, political, and
economic consequences, even when the variation is
not within the talkers’ conscious manipulation [24].
Although Black English was originally identified
as a singular pan American dialect, recent sociolinguistic analyses of Black American speech has
highlighted the regional variation within this socioethnic dialect [25, 26]. The history of subsuming
regional variation in Black American English under a
nationally defined socio-ethnic racial category erased
a socio-indexical component of these talkers'
identities. There is substantial evidence that the
acoustic-phonetic characteristics of both African
American English and White American English are
influenced by regional variation [5, 25, 27, 28].
Although variation can be present at any level of
sound structure, many studies of regional variants
within African American English have focused on
vowel differences [27, 29, 30] as well as some work
on /ɹ/ variants [25]. Thus, vowels can simultaneously
convey information about socio-ethnic racial and
regional affiliations. However, nearly all
investigations of socio-ethnic racial identification in
the North American context use speech gathered from
talkers in a single geographic community or do not

specify the community and regional dialect of the
talkers.
Two studies that have investigated the influence of
regional variation on socio-ethnic racial identification
suggest that a community's regional dialect variation
impacts listeners' socio-ethnic racial categorization
accuracy [10, 18]. For example, in [10] speech
selections from interviews with Black and White
talkers from two communities in North Carolina
were presented to listeners, most of who were
unfamiliar with the dialects, in a socio-ethnic racial
categorization task. Speech samples included dialect
features known to vary between the regional
community dialects or across the socio-ethnic racial
categories of Black and White talkers. The stimuli
were unmodified, low-pass filtered, or monotonized
and then presented to listeners to assess the
contributions of vowel quality and prosodic variation
on listeners’ race categorization. Results suggested
that Black talkers who do not use acoustic-phonetic
characteristics typically associated with African
American English are more often misidentified as
White by listeners unfamiliar with the regional
community dialect. The results from the
synthetically-manipulated conditions indicated that
both vowel quality and intonation are important cues
for talker socio-ethnic racial identification. Although
these studies highlight the interaction between
regional and socio-ethnic dialect variation on listener
perception, these studies [10, 18] had two limitations,
which we address here. First, both studies used
conversational speech samples, which may provide
listeners with multiple segmental and suprasegmental
cues to a talker's socio-ethnic racial identity, although
the synthetic manipulations in [10] provided insight
into the cues used by listeners at a broad level (i.e.,
intonation, segmental information). Specific
information on how vowel productions influenced
socio-ethnic racial categorization was not described.
Another limiting factor is that the talkers from Hyde
County, included in both studies, represent an isolated
dialect community [31]
Here, we continue the investigation of how
regional community dialect variation within North
Carolina influences listeners' socio-ethnic racial
categorization but shift the focus away from the
isolated Hyde County dialect to two other North
Carolina regions. The vowel characteristics of talkers
from these two regions are influenced by community
and socio-ethnic racial affiliated vowel shifts [27].
We assess whether these vowel characteristics
influence listeners' socio-ethnic racial categorization
by constraining the stimuli to /hVd/ words. Although
cues beyond vowel differences may be present in
these productions, the range of possible acousticphonetic cues available to listeners is limited. We
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hypothesize that talkers' adherence to two vowel
shifts – the Southern Vowel Shift (SVS) and the
African American Vowel Shift (AAS) [27, 28] – will
impact listeners' race categorization accuracy. The
SVS includes a realignment of the front tense vowels
FLEECE and FACE with their lax counterparts KIT
and DRESS. This realignment is preceded by PRICE
vowel laxing and gliding in towards TRAP rather
than up to KIT. A concomitant change is occurring in
the purported AAS with raising of the lax front
vowels in KIT, DRESS, and TRAP, coincident with
fronting of the LOT vowel. A separate change,
fronting of the GOOSE and GOAT vowels, is
widespread in English dialects but not universally
used by Black Americans [7, 28].
2. METHOD
2.1. Stimuli

There were 240 stimuli from 24 talkers' productions
of 10 /hVd/ words: heed, hid, head, had, hayed, hide,
hood, howed, hoyed, and who'd. Twelve talkers were
from Eastern North Carolina (Pitt County
representing the Coastal Plain dialect) and twelve
were from Western North Carolina (Iredell County
representing
the
Piedmont
dialect),
two
geographically distant regions separated by 370 km.
Within each dialect grouping, half of the talkers selfidentified as Black and half as White. Each race and
regional dialect group had equal numbers of male and
female talkers.
2.2. Listeners

Listeners (n = 44) were current Indiana residents, 18
males and 26 females, with an average age of 21 years
(range = 18 - 30). Listeners identified primarily as not
Hispanic or Latino (n = 39) with three identifying as
Hispanic or Latino and two choosing not to respond.
Participants indicated their race as White (n = 31),
Black or African American (n = 7), multiple races (n
= 3), Asian American (n = 2), or other (n = 1). Most
listeners indicated their U.S. regional dialect as either
Midland (n = 23) or Northern (n = 13). Listeners rated
their exposure to U.S. dialects on a scale from 1 - 5 (1
= no exposure or only brief casual exposure; 5 = daily
at home exposure). Listeners rated the ambient dialect
(Midland American English) as the one to which they
were most frequently exposed (M = 4.5; range = 3 5). Many listeners also had some exposure to the
Southern dialect (M = 2.7; range = 1 - 5).
2.3. Procedure

Testing was conducted in a sound-attenuated booth.
Listeners were presented with one word per trial and

indicated the talker's race as Black or White by
clicking on the corresponding button on the computer
screen. Stimuli were presented in two randomized
blocks of 240 trials each. Listeners heard each
stimulus twice during the experiment, once in each
block. Each word was presented binaurally over
Sennheiser HD208 Pro headphones at approximately
68 dB SPL. Stimulus presentation and response
recording was automatically controlled by a program
written in PsychoPy [32] on a Mac Mini.
2.4. Analysis

accuracy between Black men and women (68 RAU
for both), but White women's race was categorized
more accurately than men's (93 vs. 84 RAU) [F(1,43)
= 5.17, p = 0.028, ηp² = 0.107]. The three-way
interaction was not significant.
Figure 1: Race categorization accuracy in RAU for
talkers from Eastern (left) and Western North
Carolina (right) with the Black talkers indicated by
the solid line with filled circles and the White
talkers by the dotted line with the open squares.
Error bars represent standard deviation.

Listeners' responses were averaged across words and
across the three talkers representing each dialect
region, self-reported race, and self-reported sex group
(e.g., Eastern North Carolina Black women). Listener
responses that corresponded to the talker's selfidentified race (i.e., talker’s race regardless of region)
were scored as correct. Percent correct scores were
converted to rationalized arcsine units (RAU) to
facilitate meaningful comparisons across the entire
range of the scale [33].
3. RESULTS
Race categorization accuracy scores in RAU were
analysed with a repeated-measures ANOVA in which
there were three within-subjects variables: race
(Black, White), dialect (Eastern North Carolina,
Western North Carolina), and sex (female, male). All
main effects were significant. Listeners were more
accurate at identifying the race of talkers from
Eastern North Carolina than Western North Carolina
(86 vs. 70 RAU) [F(1,43) = 192.67, p < 0.001, ηp² =
0.818], White talkers than Black talkers (89 vs. 68
RAU) [F(1,43) = 40.63, p < 0.001, ηp² = 0.486], and
women than men (81 vs. 76 RAU) [F(1,43) = 14.64,
p < 0.001, ηp² = 0.254]. All two-way interactions were
also significant. The interaction between talker race
and dialect arose because the race of White talkers
from both dialect regions was categorized with high
accuracy (87 and 90 RAU). However, race
categorization accuracy of Black talkers from Eastern
North Carolina was much higher than Black talkers
from Western North Carolina (83 vs. 53 RAU)
[F(1,43) = 97.31, p < 0.001, ηp² =.694] (Figure 1). The
interaction between talker sex and dialect arose
because listeners showed similar performance for
male and female talkers from Western North Carolina
(71 vs. 70 RAU) but were more accurate in
identifying the race of women than men for the
Eastern North Carolina talkers (91 vs. 81 RAU)
[F(1,43) = 36.46, p < 0.001, ηp² = 0.459]. The final
two-way interaction between talker race and sex arose
because there was no difference in race categorization
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Figure 2: Percent of stimuli categorized as "Black"
for the 24 talkers. Black talkers are on the left and
White talkers are on the right. Eastern North
Carolina talkers are shown with black bars and
Western North Carolina talkers with striped bars.
Talker codes represent dialect (E for Eastern and W
for Western), sex (M for male and F for female),
and a unique number.

Scores for the 24 talkers were converted to the percent
of trials in which listeners categorized the talker as
Black (Figure 2). As with the group results, there is a
clear influence of dialect on race categorization of the
Black talkers. All Black talkers from Eastern North
Carolina are identified as Black more frequently than
Black talkers from Western North Carolina, except
for one Western North Carolina talker who was most
often categorized as Black overall. Additionally,
there was no overlap in race categorization scores
between the Black and White talkers. The highest rate

of categorization as Black for a White talker was
30%. In contrast, some Black talkers, particularly
those from Western North Carolina, were identified
more often as White than Black. Although there are
clear influences of regional variation on race
identification, there are also substantial individual
differences across talkers.
4. DISCUSSION
Listeners' race categorization accuracy was above
chance for the word-length stimuli used here (76%
correct overall). However, accuracy rates varied
across groups in several ways. First, listeners were
more accurate with White talkers than Black talkers.
Furthermore, race categorization accuracy was
influenced by talker dialect, such that the race of
White talkers from both dialect regions was identified
with high accuracy, but the race of Black talkers was
identified with higher accuracy on average for talkers
from Eastern North Carolina than Western North
Carolina. Race categorization accuracy for Black
talkers from Western North Carolina was near chance
on average. Previous work has suggested that
regional dialect variation can influence race
categorization accuracy [10, 18], but both previous
studies employed conversational speech samples that
were more varied and longer than the stimuli used in
the current study. Because our stimuli were isolated
/hVd/ words, the acoustic-phonetic cues available to
listeners during their categorization judgements were
highly constrained. Due to the nature of these stimuli,
one central cue available to listeners was spectral
vowel differences. Therefore, talkers' adherence to
two vowel shifts may have influenced listeners'
categorization patterns. As shown in [27], Black
talkers from Western North Carolina frequently
produce a vowel shift that is associated with Southern
White English (i.e., reversal of the DRESS and FACE
vowels) and show less adherence to the African
American Shift (i.e., of the front lax vowels, they only
raise the TRAP vowel). In contrast, Black talkers
from Eastern North Carolina do not participate in the
Southern Vowel Shift [28] and show greater
participation in the African American Shift.
Therefore, the race of Black speakers who exhibit
more phonetic variants associated with White
American English and fewer associated with African
American English may be more difficult to identify.
Similar to previous studies, listeners are less accurate
at identifying the race of Black talkers who produce
phonetic and prosodic variants that are typical of
White American English [10, 34, 35], although here
the extent of adherence to the racially-affiliated
variants is likely conditioned by regional dialect
rather than solely by idiolect.
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We have highlighted the influence of the regional
and socio-cultural vowel shifts – the Southern Vowel
Shift and the theorized African American Shift [7] –
to explain the interaction between talker race and
regional dialect observed here; however, it is possible
that other cues may have shaped listeners' responses.
For example, for the Western North Carolina male
talker who was identified most frequently as Black,
voice quality may have played a role. This talker had
a lower fundamental frequency and a substantially
creakier voice quality than other talkers in the study.
Differences in voice quality (e.g., f0, jitter, shimmer)
between Black and White talkers have been reported
previously, including lower f0 for Black male talkers
than White male talkers [20, 36]. Thus, although
using /hVd/ words limited the information available
to listeners, other acoustic-phonetic cues are present
even in such short, highly constrained stimuli. In
addition to differences in voice quality, variation in
vowel duration and stop consonant features (e.g.,
whether the stop was released or had voicing during
closure) could also play a role. For example, previous
work found differential use of duration in vowels by
Black and White talkers [2], a cue that may have
influenced listeners' categorization judgements.
Naïve listeners were used to identify and delimit
the specific cues they associated with Blackness or
Southerness. Without substantial exposure to the two
dialect communities, the listeners are relying on their
stereotypes of Black and White talkers from the South
to assign talkers to socio-ethnic categories. Their
difficulty in accurately classifying Black speakers
who use speech patterns more closely aligned with
White Southern speech indicates that participation in
the Southern Vowel Shift is not associated with
African American English in the perceptual schema
of Midwestern listeners.
Future analyses will assess how the spectral and
temporal characteristics of individual talker's vowel
productions as well as voice quality and available
cues in the final stop consonant impacted race
categorization. We also will test listeners who vary in
their exposure to the specific dialects and assess the
impact of listener race. We anticipate that listener
experience with the dialects, particularly exposure to
talkers from Western North Carolina, will increase
race categorization accuracy, as listeners who have
greater exposure to speakers from relevant sociocultural groups are frequently more accurate in
race/ethnicity categorization tasks [17, 35].
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ABSTRACT

verge during perception? Despite the wealth of research devoted to analyzing the statistical properties
of speech sounds as well as listeners’ sensitivity to
such statistics (e.g. [8], [3]), rarely do we consider
Statistical Averageness (SA) of individual speakers
as a property that could modulate intelligibility.
In this study, we examined whether speakers
whose speech was more aligned to the statistical average of their linguistic community would be more
intelligible under adverse listening conditions. In
the first of four sessions, we recorded native speakers of Dutch producing short sentences, each containing two target nouns. Using dynamic time warping, we compared productions of the same sentence across multiple speakers to quantify the degree
to which an individual’s productions differed from
those of all others in the cohort (i.e., how statistically
average that individual was). In three subsequent
sessions, the same participants attempted to recognize the target words under three types of degradation: 1) Noise-Vocoded Speech (NVS), which can
eliminate fine-grained spectral cues to speaker identity; 2) Speech-in-Noise (SPIN), which preserves
such cues; 3) Speech-in-Noise that had been filtered
to approximate how one’s own speech sounds during production (FiltSPIN). Our analysis examined
whether variation in word recognition could be explained by a speaker’s SA score.
We included the FiltSPIN session because the design of our study enabled us to examine an additional, related question: If a listener has a lower
SA score, does this also mean that intelligibility is
diminished when they are attempting to recognize
self-produced words, or does their extensive experience with the statistics of their own speech mitigate
this effect? If so, this may depend on the spectral
properties of the incoming speech matching what
they normally hear during production.
For all sessions, we predicted that word recognition accuracy would be higher for items produced
by speakers with higher SA scores (and vice versa).
Positive results would indicate 1) that despite differing in their manner of production, individuals

We tested whether statistical averageness (SA) at
the level of the individual speaker could predict a
speaker’s intelligibility. 28 female and 21 male
speakers of Dutch were recorded producing 336 sentences, each containing two target nouns. Recordings were compared to those of all other same-sex
speakers using dynamic time warping (DTW). For
each sentence, the DTW distance constituted a metric of phonetic distance from one speaker to all other
speakers. SA comprised the average of these distances. Later, the same participants performed a
word recognition task on the target nouns in the
same sentences, under three degraded listening conditions. In all three conditions, accuracy increased
with SA. This held even when participants listened
to their own utterances. These findings suggest that
listeners process speech with respect to the statistical properties of the language spoken in their community, rather than using their own speech as a reference.
Keywords: Word recognition, SA, speech in noise,
noise-vocoded speech, dynamic time warping
1. INTRODUCTION
Even within a small linguistic community, speech
characteristics can vary greatly within and between
speakers. One noticeable dimension along which
speech can vary is its intelligibility. Individuals possess idiosyncratic speech styles that can vary greatly
in intelligibility. Yet there seems to be much less
variability in perception. Listeners label certain
speakers as more intelligible or less intelligible with
high inter-rater agreement [4]. Accordingly, in everyday conversation we need not specify that a specific speaker is particularly intelligible to a specific
listener. Instead, we simply say that a speaker is
“intelligible”, tacitly assuming this to mean that that
speaker will be – barring complications such as hearing loss – intelligible to all listeners. How is it
that individuals with idiosyncratic speech styles con-
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share common representations during listening, and
2) that these representations reflect the statistical distributions of speech in their linguistic community.

ilarity between two sound files [16]. For each
sound file we extracted 26 mel-frequency-cepstralcoefficients (MFCCs), which are commonly used
for speech recognition programs, using the librosa
Python package [9] to create an MFCC spectrogram matrix. For each sentence, we computed the
DTW distance [13] between the sound files for that
sentence for every combination of same-sex speakers, creating a distance matrix (336 sentences per
pair). Averaging over sentences resulted in a single
distance score between each pair of speakers. For
each speaker, we averaged over all distance scores
to obtain their average distance to each speaker. We
then standardized the scores by subtracting the mean
and dividing by the standard deviation. Finally, we
took the reciprocal of the standardized scores so that
a higher score would indicate that the speaker was
more statistically average.

2. METHODS
2.1. Participants

Forty-nine native speakers of Dutch (21=M) were
recruited. All gave written consent prior to each session. Due to dropout over time, the NVS, SPIN and
FiltSPIN word recognition sessions consisted of 46,
42, and 43 participants, respectively.
2.2. Lexical Stimuli and Recording

Each stimulus sentence was of the form “the
WORD1 is {above, under, next to} the WORD2”.
In order to ensure that words of varying difficulty
were equally allocated across speakers, we collected
112 Dutch words and sorted them into four Word
Groups defined by lexical frequency and phonological neighborhood density.
Participants were seated in a sound-attenuated
booth 3 to 5 centimeters from a pop-filter shielded
microphone (Sennheiser ME 64). To elicit the target sentences without having participants simply
read words off a screen, we developed a ‘semispontaneous’ elicitation method. Participants were
presented with two words in succession (e.g., “witch
– ball”), followed by a simple display in which two
images (corresponding to the previously presented
nouns) were arranged in a particular spatial configuration. Based on the order of the nouns and the
configuration of the images, there existed only one
“correct” sentence to produce (e.g.,“the witch is under the ball”). Therefore, the exact form of the sentence was pre-specified on each recording trial but
at no time did participants simply read words off a
screen. Participants were instructed to try to speak
as naturally as possible. Each of the 112 target nouns
appeared in both initial and final position, for a total of 112 sentences. Three lists were generated and
participants were presented with all three lists, comprising 336 total sentences. A researcher monitored
the recording session for errors.

2.4. Degraded Stimuli Preparation

2.4.1. Noise Vocoding
Noise-vocoding can systematically degrade the
spectral content of speech while preserving temporal properties [15]. We separated the acoustic spectrogram into six frequency bands. At each
point in time, the average amplitude of all frequencies within a given band was extracted and these
values were then utilized to modulate the energy
of broad-spectrum noise in the corresponding frequency bands.
2.4.2. Speech in Noise
Speech in noise (SPIN) is a standard technique in
which a speech signal is embedded in speech shaped
noise at a specified signal-to-noise ratio (SNR). For
this study, we utilized an SNR of −7 decibels.
2.4.3. Filtered Speech in Noise
Prior to embedding in noise, we applied a filter [17]
that approximated the effects of bone-conduction
and other processes that affect auditory feedback
during production. This filter was intended to simulate how a person hears their own voice when they
are actively speaking.

2.3. SA Metric

2.5. Word Recognition

In order to compute the SA metric for each speaker,
we first compared recordings using dynamic time
warping (DTW). DTW is an algorithm that attempts
to find an optimal alignment between two vectors
or matrices [11]. The cost function of this algorithm can be used as a metric to quantify the sim-

Participants were assigned to groups of seven samegender speakers; each participant was presented
with an equal number of sentences produced by each
speaker in their group (including the listeners them-
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0.625, marginal R2 (variance explained by fixed effects alone) was 0.43 [12]. Model estimates are reported in Table 1, with term-specific p values obtained via Satterthwaite’s Method.

selves). Each word recognition session was defined
by the type of degraded stimulus presented (NVS,
SPIN, filtSPIN). The first session was always NVS.
The order in which participants completed SPIN and
filtSPIN was randomized across participants. Time
between session 1 and session 2 averaged 7.4 days
(sd = 2.9). Time between session 2 and session 3
averaged 14.7 days (sd = 4).
In each recognition session, participants were presented with manipulated versions of the recordings
and asked to identify the two target nouns in each
sentence by typing in their responses via a computer
keyboard. In each session one speaker provided 48
sentences (96 target words), with 12 words from
each word group in first position and 12 words from
each word group in second position. This ensured
that all sentences were presented without repetition,
while balancing lexical factors across speakers.
In order to compare the typed-in responses to the
auditorily presented target words, all target words
and participant responses were broadly transcribed
into DISC, a computer readable phonetic orthography. This eliminated the influence of orthographic variation with no phonetic realization (e.g.,
in Dutch, word final “t” and “d” are both realized
as [t]). A response was marked as correct if the response and target transcriptions were identical.

Table 1: Estimates from final model reported using treatment coding. Intercept represents average
proportion of correct responses in first position of
the NVS session.

Fixed Effect
Intercept
Second Position
Session SPIN
Session FiltSPIN
SA
Sec. Pos.:SPIN
Sec. Pos.:FiltSPIN

Est.
0.529
0.03
0.152
0.102
0.036
-0.285
-0.294

Std. Error
0.012
0.01
0.012
0.013
0.005
0.012
0.012

Pr(>|t|)
<0.001
0.003
<0.001
<0.001
<0.001
<0.001
<0.001

For target words appearing first in the sentence,
accuracy was higher in the SPIN and filtSPIN sessions than in NVS. However, accuracy for words appearing in second position was much lower in these
sessions than in NVS. In the NVS session, there is a
positive relationship between accuracy and SA score
for words in both positions. While the visual representation of the data in Fig. 1 suggests that in the
SPIN and filtSPIN sessions the effect of SA was
strongest for words in the first position, no significant interaction term was found between Session
and SA.
Following up on this main analysis, we restricted
the data to trials in which participants were listening
to their own voice and re-ran the same model in order to determine whether the effect of SA was diminished when listening to one’s own voice. This was
not the case: the effect of SA was actually stronger
(β =0.057, p < 0.001). Furthermore, no significant
interaction was found with session, indicating that
these effects did not differ significantly in the FiltSPIN condition (when the stimuli had been filtered
to approximate the sound of the participant’s own
voice during speaking).

3. RESULTS
Fig. 1 displays average accuracy for each participant
as a function of SA, separated by Position (First,
Second) and Session (NVS, SPIN, FiltSPIN). Given
that by-item difficulty had been balanced across subjects in the experimental design, we elected to average over target word items and analyze the proportion of correct responses using linear mixed effects
regression [1]. Model selection was carried out by
backwards-fitting using maximum likelihood comparison until all non-significant terms had been removed.
Model comparison began with a full model containing fixed effects for Session, Word Position
(First, Second), and SA, as well as all interaction terms, random intercepts for Subject, and random slopes over Subject for Session, Word Position, and SA (in R syntax: Prop. Correct 1
+ Session*Word Position*SA + (1+Session+Word
Position+SA|Subject)). All non-significant terms
were removed until reaching a final model containing main effects for Session, SA, and Word Position, as well as an interaction term between Session and Word Position. Conditional R2 (variance
explained by both fixed and random effects) was

4. DISCUSSION
In this study, we developed a metric quantifying the
statistical averageness (SA) of a speaker’s speech
with respect to a cohort of other speakers. In three
separate word recognition tasks using different types
of word degradation, we found a positive relationship between SA scores and accuracy. The higher a
speaker’s SA score, the more likely it was that listeners would be able to accurately recognize their
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Figure 1: Accuracy by SA score, organized across rows by Session and columns by Position. The solid line in
each plot represents best linear fit to data points.
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speech under degraded conditions. This agrees with
previous studies that have found that statistical averageness facilitates perception [14, 18].
However, in order to reduce experimental complexity, listeners only listened to same-sex talkers
and SA was only computed with reference to samesex talkers. Thus, we can only speculate as to how
our results generalize beyond this somewhat constrained cohort. For example, given that the perceived gender of a talker has been found to influence
speech perception [6], it may be that statistical averageness of a talker is perceived with reference to
the perceived sex of the talker.
The claims of this study rest heavily on the way in
which the SA metric was computed. The algorithm
we decided to employ, using MFCCs and dynamic
time warping, was relatively uninformed and made
few assumptions about the structure of the data. One
advantage was that the algorithm could be applied
to the entire sound file, without the need to extract
specific speech segments (e.g., consonants and vowels). A disadvantage was that the method treated all
MFCCs as equally informative. It may be the case
that certain MFCCs only contributed noise to the SA

metric or that other phonetic features could be more
informative than MFCCs. Methodological comparisons suggest that extracting important phonetic features from recordings may yield better results [7].
Based on such comparisons, we would predict the
effects of SA to be even stronger when computed
using a more informative metric.
Our results indicated that statistically average
speakers were more intelligible in difficult listening conditions than less typical speakers. This was
true even when participants were listening to recordings of their own voices. These results are problematic for theories suggesting that listeners interpret incoming speech by reference to representations
or simulations based on their production experience
[10], especially when speech is degraded [2]. Instead, the results accord with models of speech perception which place primary emphasis on auditory
experience [5]. Our findings indicate that listeners
process incoming speech with respect to the statistical properties of the speech of their linguistic community.
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ABSTRACT
We present the results of a forced-choice gating
experiment to test the accuracy of same- and crossdialectal perception of phonemic nasal vowel
contrasts in two dialects of French. We found that
contrasts were identified with high accuracy, but
differences in the phonetic realizations of vowels
involved in ongoing chain shifts lead to confusion
between competing vowel pairs in the directions
consistent with each shift. The effects of age, an
apparent time indicator of ongoing change, gender,
and dialect experience are evaluated based on the
results of a generalized linear mixed-effects model.
Keywords: age, dialect, nasal, perception, vowel
shift
1. INTRODUCTION
Nasality is contrastive in every dialect of French, but
different nasal sub-systems are known to have distinct
vowel inventories, whose phonetic realizations vary
considerably. Dialects of Quebec French (QF) and
Southern French (SF), for instance, have front, back,
central and front rounded nasal vowels [1] [2] [3] [4],
while varieties of Northern Metropolitan French
(NMF), the historical basis of standard French, has a
three-vowel system, with the two front nasal vowels
merged into a single vowel [5]. Previous studies
suggest that nasal vowels in QF and NMF are
involved in ongoing chain shifts in opposite
directions along the peripheral tract of the vowel
space: the three nasal vowels in NMF form a counterclockwise ‘push-shift’ triggered by the merger of the
two front nasal vowels, while the same three vowels
in QF move clockwise, ‘pulled’ by the front nasal
whose oral articulation is more fronted and closed
than in NMF [6] [7] [8]. These shifts can result in
confusion between adjacent vowels impeding on each
other’s vowel spaces and manifest in overlapping
formant frequencies between the shifting vowels /ɛ/̃
and /ɑ̃/ in NMF and /ɑ̃/ and /ɔ/̃ in QF. The vowel
spaces of /ɔ̃/ in NMF and /ɛ̃/ in QF, the endpoints of
each shift, typically show less overlap [3]. To date,
however, the perceptual salience of these distinctions
has not yet been systematically investigated.
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In this paper, we seek evidence for the perceptual
relevance of phonetic differences in the realizations
of nasal vowels in QF and NMF. We hypothesize the
following: (1) Nasal vowels and their corresponding
oral counterparts /ɛ/-/ɛ/̃ , /a/-/ɑ̃/, and /o/-/ɔ̃/ will be
identified with high accuracy across all vowel pairs in
all conditions, as they cue phonemic differences in the
language. (2) The front (/ɛ/̃ ) and open (/ɑ̃/) nasals in
NMF and the open (/ɑ̃/) and back (/ɔ̃/) nasals in QF,
involved in ongoing shifts, will be identified with less
accuracy than other vowels due to overlaps in their
phonetic realizations. (3) Less familiarity with each
dialect should result in greater difficulty
distinguishing vowel contrasts cross-dialectally. (4)
Given that “nasalization increases throughout the
duration of the nasal vowels” in some dialects of
French [4]:87, increased vowel duration should help
accuracy in QF where progressive increase in the
degree of nasalization has been attested [3]. (5)
Overall, same-dialect accuracy rates should be higher
than cross-dialect accuracy rates.
2. METHODOLOGY
Seventy listeners took part in a computerized forcedchoice gating experiment constructed in E-Prime 2.0.
They came from the Saguenay-Lac-Saint-Jean dialect
area in Quebec (19 women and 12 men) and the
greater Paris area in France (20 women and 19 men).
They were recruited in public places and via word-ofmouth and received a small gift for their participation.
They were divided into four groups based on their age
and degree of integration in the job market: students
(18-31 years), young actives (23-34 years), middleaged actives (35-54 years), and old actives (55-64
years). These age groupings were based on the age
categories of the Canadian Census (2017).
The listeners heard target words with nasal
vowels produced by two female native speakers, born
and raised in the same two dialect areas. The speakers
were recorded prior to this experiment as part of a
production study [3] [8]. They were selected for the
purposes of this study due to their similar age range
(20’s and 30’s) and configurations of their lingual
vowel spaces showing evidence of dialect-specific
vowel shifts (Figure 1).

Six target words and six distractor words were
used to build the experiment. Target words with a
word-initial /p/ or /t/ were followed by one of the
three nasal vowels: the front nasal vowel /ɛ/̃ in pain
‘bread’ and teint ‘complexion’, the open nasal vowel
/ɑ̃/ in paon ‘peacock’ and temps ‘time’, and the back
nasal vowel /ɔ̃/ in pont ‘bridge’ and thon ‘tuna’. The
rounded nasal vowel /œ̃/ was excluded from the
experiment because it is no longer distinctive in both
dialects. The six distractor words contained the oral
counterparts of each nasal vowel: /ɛ/ in paix ‘peace’
and taie ‘pillowcase’, /a/ in pas ‘step’ and ta ‘your’,
and /o/ in pot ‘container’ and tôt ‘early’.
Figure 1: Formant frequencies of NMF (top) and
the QF (bottom) vowels used in the experiment.
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which yielded a total of seventy-two target words.
These words were presented in six separate
randomized and counterbalanced lists in which the
target words were presented with a nasal or an oral
competitor word. No participant heard the same target
word contrasted with more than one competitor. The
trials were presented in a random order and split into
two sessions with a small break in between.
3. RESULTS
3.1. Generalized linear mixed-effects model

A generalized linear mixed-effects model was run
using the lme4 package in R. Age, Gender, Dialect,
target-competitor vowel pair, and the interaction
between dialect (that participants heard) and vowel
pair (two vowels to choose from) were included as
fixed effects. Participant was included as a random
intercept. In order to determine the significance of
fixed effects, the mixed function from the afex
package was used. The effects of dialect, targetcompetitor vowel pair, and the interaction of dialect
and target-competitor vowel pair on accuracy of
vowel contrasts were significant. The effect of age on
accuracy varied depending on the dialect and was not
as robust for native dialect identification in the NMF
as in the QF group. Gender was not significant.
3.2. Accuracy rates: the NMF group
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The target words were presented using the gating
paradigm [9] [10]. At the first gate, listeners heard the
first half of the vowel, at the second gate, they heard
the full vowel, and at the third gate, they heard the full
word that included the onset consonant. At each gate,
they were given a binary forced choice between the
target words (with a nasal vowel) and competitor
words (with a nasal or oral vowel). They were asked
to identify which of the two words they heard. The
segmentation of each gate aimed at providing
acoustic information progressively and with
sufficient duration for the listeners to hear relevant
variability in the acoustic signal. There were three
repetitions of each of the twelve words containing the
target nasal vowels pronounced by the two speakers,
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With a few misidentifications of /a/ for /ɑ̃/, in their
own dialect NMF listeners distinguished target words
with nasal vowels from target words with oral vowels
categorically (Table 1). Of the three nasal vowels, the
back nasal /ɔ̃/ was the most reliably identified
(100%). The accuracy rates went down for with /ɛ̃/
and /ɑ̃/. When NMF listeners heard the NMF speaker
pronounce a word with the front vowel /ɛ/̃ and saw a
word with the competitor vowel /ɑ̃/ on the screen,
they correctly identified the target word only in 71%
of the time. The opposite was not true: NMF listeners
never selected /ɛ/̃ when they heard /ɑ̃/. The nasal
vowel /ɑ̃/ was the least reliably identified. When
target words with /ɑ̃/ were contrasted with /ɔ/̃ ,
accuracy rates were only 64%. This is greater than
chance, but the high rates of confusion with /ɔ̃/
together with the complete lack of confusion with /ɛ/̃
point to asymmetrical errors that are consistent with a
counter-clockwise shift in progress. Younger NMF
listeners tended to be more accurate than older
listeners. Although this age difference did not reach
statistical significance on its own, the interaction of
and target-competitor pair was statistically significant
(p=.002).
NMF listeners could not easily distinguish nasal
vowels when presented with their oral counterparts as

competitors in QF. This is consistent with predictions
of lower accuracy in cross-dialectal identifications in
general. Cross-dialectal accuracy rates for nasal vs.
oral contrasts among NMF listeners was the lowest
across all test conditions. Confusions involved
primarily the front nasal vowel /ɛ̃/ (mistaken for /ɛ/ in
22% of the time), and the open nasal vowel /ɑ̃/
(mistake for /a/ in 27% of the time). The vowel /ɛ̃/
was categorically identified cross-dialectally, but the
accuracy rates for the open nasal vowel /ɑ̃/ and the
back nasal vowel /ɔ/̃ were not reliably identified. QF
target words with /ɑ̃/ competing with /ɛ/̃ were
misidentified /ɑ̃/ as /ɛ/̃ in 72% of the time, although
/ɑ̃/ was distinguished nearly categorically (96%) from
competitor words with /ɔ̃/. The vowel /ɔ̃/ in QF target
words had a relatively high accuracy rate (81%) when
contrasted with /ɛ/̃ , but it was misidentified in 56% of
the time when contrasted with /ɑ̃/. The interaction of
age group and target-competitor contrast was
statistically significant (p<.001).
Table 1: Aggregate accuracy rates at the third gate:
NMF listeners identifying NMF vowels (top) and
QF vowels (bottom).

3.4. Accuracy rates: the QF group

As predicted, QF listeners distinguished words
with nasal vowels from words with oral vowels with
high accuracy in their own dialect (Table 2). The
vowel /ɔ̃/ was never mistaken for its oral counterpart,
but there was more uncertainty for /ɛ̃/ that was
identified as /ɛ/ in 3% and /ɑ̃/ that was mistaken for
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/a/ in 10% of the time. QF listeners also identified /ɛ/̃
correctly in every context. Accuracy rates, however,
were lower for /ɑ̃/: when contrasted with words with
/ɛ/̃ , listeners correctly identified /ɑ̃/ only in 78% of the
time. Although not categorical, this accuracy rate is
still much higher than NMF listeners’ accuracy rate
of only 28% for the same vowel-stimuli pair in QF
(Table 1). The vowel /ɑ̃/ was categorically perceived
as distinct from /ɔ̃/ (99%) and the vowel /ɔ̃/ was
accurately identified most of the time (74%) by QF
listeners. Native QF listeners’ accuracy rates stood in
sharp contrasts with the much lower rates of listeners
of the other dialect. Younger listeners were more
accurate than older listeners at correctly identifying
the nasal vowel contrasts in their own dialect, and this
age difference was statistically significant (p<.0001).
The interaction of age group and target-competitor
contrast pair was significant (p<.001).
Table 2: Aggregate accuracy rates at the third gate:
QF listeners identifying QF vowels (top) and NMF
vowels (bottom).

QF listeners were better at distinguishing nasal
vowels from their oral counterparts in NMF than in
their own dialect. This was especially true for /ɑ̃/ that
was misidentified as /a/ in 10% of the time in QF
(Table 1) but only in 1% of the time in NMF. QF
listeners had very low accuracy rates for both the
front /ɛ/̃ and the open /ɑ̃/ nasal vowels crossdialectally: /ɛ̃/ was correctly identified only in 28% of
the time and /ɑ̃/ only in 22% of the time. There was
no confusion for /ɔ/̃ , however, that was identified

categorically (99%). The effect of the interaction of
age and target-competitor pair on accuracy was
statistically significant (p<.001), though the effect of
age on its own was not.
3.5. Accuracy rates at the three gates

Listeners from both dialects performed well above
chance at each gate and in each dialect (Figure 2). As
predicted, they were better at identifying nasal vowel
words in their own dialect than in the other dialect,
which suggests that, despite ongoing changes in the
nasal vowel systems of the two dialects, mutual
intelligibility is never at stake.

6. DISCUSSION

Figure 2: Accuracy rates at each gate: NMF
listeners identifying NMF and QF words (top), QF
listeners identifying QF and NMF words (bottom).
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The Quebec listeners were also more accurate in
identifying the nasal vowel words in their own dialect
than in the other dialect (Figure 2). As with NMF
listeners, QF listeners’ accuracy increased between
gates when listening to their own dialect, as shown by
the range of increase from 83% to 91% across the
three gates. Increase in target vowel duration, on the
other hand, resulted in some confusion for QF
listeners whose accuracy rates from the first to the
third gate decreased. Their aggregate accuracy rate at
the third gate was, in fact, slightly lower (73%) than
NMF speakers’ at this gate cross-dialectally.

Gate 1 Gate 2 Gate 3

Across the three gates, i.e. at half of the vowel’s
duration, at the end of the vowel, and at the end of the
word, NMF listeners identified nasal vowels in their
own dialect with 88% accuracy starting from the first
gate. Their nearly identical accuracy rates across all
three gates suggest that greater vowel duration did not
help disambiguate perceptual overlaps. When
listening to QF vowels, NMF listeners’ accuracy
increased from 70% to 75% from the first through the
last gate, indicating that dynamic information about
nasalization and voice qualify, among other possible
correlates, had an effect on accuracy.
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(1) As predicted, the three nasal vowels and their oral
counterparts were identified with high accuracy
within each dialect. (2) As hypothesized, /ɛ̃/ and /ɑ̃/ in
NMF and /ɑ̃/ and /ɔ̃/ in QF, involved in ongoing shifts,
were identified with less accuracy than other target
vowels. In NMF heard by NMF listeners, the
confusions point to an ongoing counter-clockwise
shift: (i) /ɛ/̃ was often mistaken for /ɑ̃/, but the
opposite was never true, (ii) /ɑ̃/ was frequently
misidentified as /ɔ̃/, while /ɔ̃/ was always accurately
identified when competing with /ɑ̃/, and (iii) /ɔ̃/ was
identified with high accuracy. Cross-dialectally
(NMF heard by QF listeners) these patterns held true,
except for /ɑ̃/ that provoked confusion when
contrasted to /ɔ/̃ . In QF, accuracy/error rates were also
consistent with the hypothesis of an ongoing clockwise - shift. When QF listeners of heard QF: (i)
/ɔ̃/ was often misheard for /ɑ̃/, but not the other way
around, (ii) /ɑ̃/ was difficult to distinguish from /ɛ/̃ ,
and /ɛ/̃ was identified nearly categorically. Crossdialectally (QF heard by NMF listeners), there was
considerable confusion, as accuracy rates were below
chance for each contrast involved in the clockwise
shift, but very high for vowel contrasts that were not
affected by the shift. (3) As expected, there was more
confusion cross-dialectally than in within dialects,
especially when NMF listeners listened to QF, which
might be due to unfamiliarity with the rural variety of
QF used in the experiment. (4) As predicted, NMF
listeners benefitted from longer stimuli in QF, and
showed higher accuracy. However, increased vowel
durations proved less useful for QF listeners listening
to NMF throughout the three gates.
While our hypotheses were generally confirmed,
additional studies are needed to determine the
independent effects of the timing and the degree of
nasalization on oral formant frequencies [11] and,
thus, the configuration and mechanisms of change in
nasal vowel systems over time [12] [13].
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ABSTRACT
Previous research on vowel identification reported
excellent intelligibility of spectrally adjacent vowels
despite reduced acoustic separation in their formant
frequencies and extensive talker variability. The
current study questioned this status quo by
introducing several sources of real-world variation in
vowel production due to variable stress patterns,
sound change, and talker age and gender. Controlling
for talker and listener dialect, the study was
conducted in a small Appalachian community in
Southern United States. As expected, identification
rates were lower and more variable across individual
vowel categories when compared with previous
reports that used citation-form stimuli. Perceptual
separation of mid and low vowels was more
challenging for listeners than separation of high and
mid vowels, which was also reflected in the increased
number of confusions with the neighbors. The study
provides new evidence that the identities of
neighboring vowels can be compromised when
additional sources of variation alter their spectrotemporal properties.
Keywords: Vowel perception, sociophonetics,
dialect, talker variability, Appalachian English
1. INTRODUCTION
In one of the most influential studies on the acoustics
and perception of vowels, Peterson and Barney
discovered a surprising lack of correspondence
between the acoustic overlap among neighboring
vowels and their high perceptual separability [17].
Decades later, very similar results were obtained in a
modern replication of this study by Hillenbrand et al.
[6], who again reported high identification of adjacent
vowels (such as /ɛ/ and /æ/) despite very poor acoustic
separation in their formant frequencies (F1 and F2).
Importantly, the excellent intelligibility reported in
both studies did not seem to be hampered by
extensive variability in pronunciation patterns from
one talker to the next, as stimulus material was
produced by 76 talkers (men, women, and children)
in [17] and 139 talkers in [6].
Over the years, many possibilities have been
explored with regard to which cues can aid listeners’
identification of adjacent vowels under extensive
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talker variability (review in [7]). Presumably,
listeners benefit most from a combination of cues
including vowel duration, fundamental frequency,
and dynamic formant pattern termed vowel-inherent
spectral change [16]. However, it is still unknown
how these and other secondary cues [13] interact to
inform listeners’ decisions when the pronunciation of
vowels is additionally altered by real-world variations
such as sentence prosody, speaking rate, and a range
of sociophonetic variables including regional
variation and diachronic sound change. All these
sources of variation are likely to obscure
identification of spectrally overlapping vowels,
particularly when lexical cues provide limited
support.
The current study sought to establish the viability
of perceptual separation of neighboring vowels under
such extensive variations, focusing on the combined
effects of variable stress, sound change, and talker
age and gender. The study controlled for dialect so
that both talkers and listeners came from the same
speech community and spoke a local variety of
Appalachian American English. We predicted that
identification accuracy in our study would not be as
high as in [17, 6] because of the differences in the
nature of phonetic variation in the stimulus material.
While evidence for the excellent separability of
vowels in [17, 6] comes from citation-form
utterances, listeners in the current study were
presented with a competing set of demands imposed
by extensive variation in vowel characteristics. We
also expected more variability in identification rates
across individual vowel categories as some of the
vowels in our study were involved in an ongoing
sound change.
2. METHODS
Five vowels were of interest: /ɪ, e, ɛ, æ, ai/. In the
Appalachian variety studied here, these vowels are
not only overlapping because of their extensive
formant movement known as Southern Breaking (in
/ɪ, ɛ, æ/), but they also participate in the Southern
Shift, a chain-like rotation of front vowels involving
the monophthongization of /ai/, the centralization of
/e/, the peripheralization of /ɪ, ɛ/ [14, 3], and raising
of /æ/ in older speakers [9]. In addition, the nature of
the spectral overlap found in older generations is
changing in children due to increased influence of

mainstream American English [11]. All these patterns
are shown in Figures 1-4.

Figure 3: Average formant patterns in boys

2.1. Stimuli

The tokens bids, bades, beds, bads, and bides
containing the vowels /ɪ, e, ɛ, æ, ai/, respectively,
were produced by 40 talkers, 20 adults aged 50-65
years (10 males, 10 females) and 20 children aged 912 (10 boys, 10 girls). All talkers spoke a local
Appalachian English variety typical of the dialect
region Inland South in western North Carolina. The
tokens were produced in experimentally constructed
sentences with variable stress patterns. Each talker
contributed 10 unique exemplars of all five words that
either carried the main sentence stress (5 tokens) or
were unstressed (5 tokens). The final stimulus set for
perceptual testing consisted of 400 unique tokens
excised from read sentences. Average dynamic
formant patterns of adults’ and children’s vowels
measured in these words are displayed in Figures 14. To allow comparisons, formant values were
normalized using the Lobanov’s procedure [15] on
the basis of a 14-vowel set produced by each talker.

Figure 4: Average formant patterns in girls

Figure 1: Average formant patterns sampled at 5
time-points (20-35-50-65-80%) in male adults

2.2. Listeners and procedure

Listeners were 16 middle-age adults, ranging from
43-59 years (M = 52.75, SD = 5.46), 14 females and
2 males. All listeners were born and raised in the local
community and have never left the area other than for
occasional trips. All were employed and pursued a
variety of professional careers, and have never
participated in research experiments before. None
reported hearing loss or any hearing problems.
The experiment was conducted in a quiet room at
Western Carolina University in Cullowhee, NC. Each
listener was tested individually. Signals were
delivered over Sennheiser HD600 headphones at a
comfortable listening level. Prior to presentation, all
tokens were equalized for mean intensity.
The stimuli were presented in random order in two
blocks of 200 tokens each. A 20-item practice first
familiarized the listeners with the task and ensured
that they were able to match the orthographic form
with the sound. The tokens in the practice trial were
different than those in the experiment. The listeners
were told that after listening to each word, they were
to decide which word was played by selecting one of

Figure 2: Average formant patterns in female adults
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the seven boxes on the computer monitor: beads, bids,
bades, beds, bads, bides, and buds. Only one
repetition was allowed and the listeners were asked to
guess if still uncertain which response to choose. The
experiment was self-paced. A custom program
written in MATLAB controlled data collection.
3. RESULTS
Overall identification rates (IDRs, in % correct) by
vowel category along with predominant confusions
are shown in Figure 5. Accuracy was highest for the
high vowel /ɪ/ and gradually declined for the mid /e,
ɛ/ and the low vowels /æ, ai/, respectively. The
observed decline for the mid and low vowels is in line
with [6]. We did not compare our results with [17]
because the vowel /e/ was not included in their set. As
predicted, the IDRs in the current study were lower
than in [6]. The differences for /ɪ, e, ɛ, æ/ were 16, 17,
16, and 30%, respectively. The IDR for /ai/ could not
be compared with either [17] or [6] because the vowel
was not included in their sets. Here, it was the
monophthongal production of /ai/ that resulted in a
particularly low IDR (43%) and extensive confusions.
This outcome was not unexpected because low
accuracy for /ai/ (53%) was previously reported in
another study of this dialect [10].
Figure 5: Overall accuracy and confusion of vowels

recent recommendations for analysing proportional
data in a forced-choice task [12, 18], no arcsine
transform was applied to analyze the response
proportions. The best-fitting model was chosen using
forward selection, adding one predictor at a time
starting with a baseline model that only included the
intercept. Vowel, stress, talker age group, talker
gender and their interactions were entered as fixed
effects. Listener was a random effect. We used loglikelihood comparisons to determine the significance
of the fixed effects.
The initial model was overly complex and
included three-way interactions due to a differential
response pattern for /ai/. To keep the model
parsimonious, /ai/ was excluded and responses for
bides were analysed separately. A much simpler
model for /ɪ, e, ɛ, æ/ revealed a significant main effect
of vowel (χ2 (3)=70.54, p<.001). Subsequent pairwise
comparisons showed that accuracy for /æ/ was
significantly lower when compared with any other
vowel (p<.001) and the differences between the
remaining three vowels were not significant. The
main effect of stress was significant (χ2 (1)=45.86, p<
.001); accuracy was higher for stressed vowels than
for unstressed (82 vs 71%). The main effect of gender
was also significant (χ2 (1)=15.27, p<.001) with
higher accuracy for female speakers than for male
speakers (80 vs. 73%). The main effect of age group
did not significantly improve the model (χ2 (1)=0.05,
p=.830) and was removed. The model was further
improved by a significant vowel by gender interaction
(χ2 (3)=51.57, p<.001). As shown in Figure 6, its
locus was in the significant gender-related variations
for the vowels /ɪ/ (bids) and /æ/ (bads) as revealed by
Tukey-HSD comparisons (p<.001 for both).
Figure 6: Accuracy by vowel and gender

The confusion pattern seems straightforward.
Based on their acoustic proximity, the vowels /ɪ, ɛ/
were confused with one another, and /æ/ was
confused with /ɛ/. The confusions of /e/ with /i/ are
most likely due to their similar patterns of spectral
dynamics as the vowel /i/ is diphthongized in older
speakers of this dialect and the direction of formant
movement corresponds to that in /e/ [3]. Finally, the
monophthongal /ai/ was primarily confused with the
monophthong /ʌ/. The second dominant confusion
was with /æ/, as indicated in Figure 5.
Listeners’ correct identification responses were
analysed using linear mixed-effects models in IBM
SPSS Statistics (version 25, 2017) [8]. Following
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The second separate model for /ai/ was
constructed with the same fixed and random effects
except that vowel was not included as a predictor. The
best-fitting model revealed a significant main effect
of age group (χ2 (1)=40.83, p<.001); the accuracy was
higher for children’s vowels than for adult vowels.
Two interactions with age group were also included.

The significant age group by stress interaction (χ2
(1)=16.44, p<.001), shown in Figure 7, arose because
stress did not affect IDRs for adults (p=.476) but it
did for children, with higher accuracy when the vowel
was stressed (p <.001).
Figure 7: Age group by stress interaction for bides

The second significant interaction was between
age group and gender (χ2 (1)=29.52, p <.001). As
shown in Figure 8, accuracy for adult male vowels
was higher than for female vowels (p<.001) but the
opposite was true for children’s vowels (p<.001).
Overall, the second model revealed that the
differential pattern for /ai/ was mostly due to the
significant effects of age group.
Figure 8: Age group by gender interaction for bides

4. DISCUSSION
The current study found that identities of neighboring
vowels can be compromised when additional sources
of variation alter their spectro-temporal properties.
The sources examined here included linguistic stress,
sound change in a speech community (in apparent
time, comparing older adults and children), and talker
gender. For the front vowels /ɪ, e, ɛ, æ/, accuracy for
stressed vowels was higher than for unstressed, which
is consistent with previous research [5, 1, 2].
Accuracy was also significantly higher in response to
female rather than male talkers, supporting the
perceptual advantage of female speech [6, 10, 4];
however, gender-related differences varied across
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individual vowels. The lack of a significant effect of
age group or interactions with age group is somewhat
surprising given the generational differences in
spectral overlap of the front vowels and other changes
such as the lowering and reduction of formant
movement in /æ/ in girls. On the other hand, the local
listeners were likely familiar with variable
pronunciation patterns in this speech community and
could thus make perceptual adjustments when
responding to old and new pronunciation forms.
However, the differential pattern for /ai/
demonstrated that generational variations can have a
profound effect on accuracy. The confusions revealed
that, when hearing the monophthongal /ai/ (whether
stressed or unstressed) listeners found the distinctions
between bides, buds, and bads challenging, and only
the increased formant movement in children (more so
in girls and more so when the vowel was stressed)
was able to disambiguate the signal and aid in making
perceptual decisions. This example provides evidence
that spectral dynamics can play a critical role in vowel
identification when other cues become unreliable.
Importantly, the relationship between accuracy
and vowel height was more transparent in the current
study than in [6], namely that accuracy gradually
declines with each vowel descending in height.
Intrigued by this trend, we found a correspondence
between the decline in accuracy and the frequency of
the second stimulus repetition option that was
available to the listeners. In particular, out of a total
of 3.01% of all stimulus tokens that were heard twice,
the distribution of repetitions was: 0.33% (bids),
0.48% (bades), 0.59% (beds), 0.70% (bads), and
0.91% (bides). The increase in listener uncertainty
with each descending vowel category suggests that,
irrespective of the amount of spectral overlap,
perceptual separation of mid and low vowels is more
challenging than separation of high and mid vowels,
which is also reflected in the increased number of
confusions with the neighbors.
The current study also suggests that greater spectral
overlap of neighboring vowels does not necessarily
lead to their increased confusions as demonstrated by
the results for /ɪ/ and /ɛ/. Although extensive acoustic
variations did obscure their identification rates when
compared with citation-form speech [17, 6], listeners
were quite successful in separating the vowels.
Perceptual strategies that led to this success are still
unknown and need to be uncovered in the future.
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ABSTRACT

vary as a function of time.
Further insight into the temporal dynamics of predictor effects in behavioral experiments helps further our understanding of the language processing
system. Distributional analyses help provide such
insight. Here, we present a distributional analysis
of auditory lexical decision data using a statistical
model that is based on the principles of time-toevent analysis: the piece-wise exponential additive
mixed model (PAMM) [2, 1, 3]. The PAMM allows
for an investigation of non-linear effects of both
time-constant and time-varying predictors as they
develop over time. Here, we use a PAMM to gain
further insight into the temporal development of the
effects of word frequency, phonological neighborhood density, and the phonological uniqueness point
on the behavioral responses in the Massive Auditory
Lexical Decision (MALD) database [9].

We report the results of an analysis of the auditory lexical decision latencies in the Massive Auditory Lexical Decision database (MALD) [9] using a statistical technique for time-to-event analysis: the piece-wise exponential additive mixed models (PAMM) [2, 1, 3]. The PAMM models the probability of an instantaneous response at each point in
time, rather than the response times themselves. The
analysis revealed an increased instantaneous probability of a response for high frequency words, as
well as for words from sparse phonological neighborhoods. These effects were most prominent during the early stages of the decision making process,
but remained significant throughout large parts of
the response window. Furthermore, we observed a
more transient early effect of the temporal distance
to the uniqueness point. The PAMM analysis of the
MALD data thus provides more insight into the temporal dynamics of lexical processing in the auditory
lexical decision task.

2. METHODS
From the Massive Auditory Lexical Decision
database (MALD [9]) we extracted average lexical
decision latencies for all words with at least one
correct response. This resulted in a set of 26,520
words. We analyze the average lexical decision latencies for these words using a PAMM. Rather than
the response times themselves, the PAMM models
the instantaneous probability of a response throughout the response window. One advantage of this approach is that predictors need not be constant over
the response time distribution. Here, we investigate the effects of two time-varying predictors: time
since offset and time since UP. Furthermore, we entered two time-constant predictors into the PAMM
analysis: frequency and the phonological neighborhood density measure PLD. We describe these timeconstant and time-varying predictors in more detail
below.
The MALD database provides the sound file and
phoneme level segmentation for each pronunciation.
On the basis of these data, we calculated the acoustic
duration and the acoustic uniqueness point (henceforth UP) for each of the words under investigation.
The acoustic duration is the time from stimulus on-

Keywords: auditory lexical decision, time-to-event
analysis, piece-wise exponential additive mixed
model, uniqueness point, phonological neighborhood density
1. INTRODUCTION
Analyses of experimental data in phonetic psycholinguistics typically focus on the mean of the
response variable distribution. A least squares regression of the response times in an auditory lexical decision experiment, for instance, estimates the
conditional mean of the response time distribution
given one or more lexical predictors, such as the
length or frequency of a word. Effects of lexical
predictors, however, need not be constant over the
response time distribution. The effects of some predictors may primarily influence short reaction times,
whereas the effects of other predictors may be more
prominent for long reaction times. Furthermore, due
to the temporal nature of the speech signal, the values of lexical or acoustic predictors themselves may
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within the context of the generalized additive mixedeffect model (GAMM) [11, 12]) and makes it possible to uncover non-linear predictor effects that
vary in a non-linear fashion as a function of time.
Furthermore, the values of predictors themselves
need not be constant over time. Recently, Hendrix
[6] adopted PAMMs to investigate non-linear timevarying predictor effects in the visual lexical decision task.
Rather than the response time itself, the response
variable in a PAMM is the (log of the) instantaneous
hazard rate: the probability that an event of interest
occurs at time t, provided that it did not occur prior
to time t. The event of interest in the current study is
the “word or non-word” decision in the auditory lexical decision task. Conceptually, the PAMM is an extension of the piece-wise exponential model (PEM)
in the sense that the (log of the) instantaneous hazard rate is estimated in a piece-wise fashion for each
of a number of time intervals in the response window (i.e., the time window in which lexical decisions come in). Technically, for all time points in the
interval j := (κ j−1 , κ j ], the (log of the) hazard function λ (t|xi ) given the predictor values xi for stimulus
i is defined as:

set to the temporal offset of the final phoneme of
a word in the acoustic signal. Similarly, we defined the acoustic UP as the temporal endpoint of
the phoneme that distinguishes a word from all other
words, including the members of a word’s morphological family.
As noted above, PAMMs offer the opportunity to
include time-varying predictors into the analysis.
Consequently, we did not enter the acoustic duration
and acoustic UP into the analyses directly. Instead,
we defined the corresponding predictors time since
offset and time since UP as the temporal distance
between the current point in time on the one hand
and the the offset of the acoustic signal and the UP
on the other hand. At time t = 400 ms, for instance,
the values of time since offset and time since UP for
a word with an acoustic duration of 500 ms and a UP
of 350 ms are −100 ms and 50 ms, respectively.
We furthermore investigated the effects of two
time-constant predictors: frequency and PLD. We
defined frequency as the frequency of the orthographic word form in the SUBTLEX - US corpus [4].
As shown by Tucker et al. [9], the explanatory power of the orthographic frequencies from
SUBTLEX - US for the auditory lexical decision data
in the MALD database is highly competitive as compared to phonological frequencies from corpora of
spoken speech, such as the spoken language subset
of the Corpus of Contemporary American English
(COCA [5]). The SUBTLEX - US frequency counts
were log-transformed prior to analysis to remove a
rightward skew from the frequency distribution.
PLD is a measure of phonological neighborhood
density that is based on the phonological Levenshtein distance between words. The phonological
Levenshtein distance between two words is the total number of deletions, additions, or substitutions
that are necessary to convert the phonological form
of one word into the phonological form of another
word [7]. Technically, the PLD measure used here
is defined as the average phone-level Levenshtein
distance between a word and all other words in an
adapted version of the CMU Pronouncing Dictionary [10, 9]. Prior to analysis, we applied an inverse
transformation ( f (x) = −1
x ) to the phonological Levenshtein distances to increase the symmetry of the
PLD distribution.

p

(1) log(λ (t|xi )) = log λ0 (t j ) + ∑ fk (xi,k ,t j )
k=1

where λ0 (t j ) is the baseline hazard for time interval
j, and fk (xi,k ,t j ) are smooth functions for predictors
k ∈ 1, . . . , p ∀ t ∈ j. Note that random effect structures may be specified in a PAMM as well. No random effects were included in the current analysis,
however. We therefore omitted the specification of
random effect structures from Equation 1.
The baseline hazard is the (log of the) overall probability of a response as it evolves over
time and is modelled through the model intercept
and a smooth over time (i.e., through a s(time)
term). Predictor effects are adjustments to this baseline hazard. Here, we estimate time-constant effects of predictors through predictor smooths (i.e.,
s(predictor) terms), whereas we allowed for
time-varying predictor effects by including tensor product interactions between time and predictor (i.e., ti(time,predictor) terms; see Wood
(2017) [13] for more details). Predictor smooths
as well as time by predictor interactions were limited to fourth order non-linearities to ensure interpretability of the results. Although it is possible to
model three-way interactions between time and two
predictors in a PAMM, we refrained from including
such interactions in the analysis for easy of interpretation. For each predictor, predictor outliers further

3. ANALYSIS
As noted above, we analyzed the auditory lexical decision latencies in the MALD database with
a statistical technique from time-to-event analysis: the PAMM. [2, 1, 3]. The PAMM is framed
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than 3 standard deviations from the predictor mean
were removed prior to analysis.

Table 1: Results for a PAMM fit to the auditory
lexical decision latencies in the MALD database
[9]. Provided are β coefficients and p-values for
parametric terms, as well as χ 2 -values and pvalues for smooth terms.

4. RESULTS
The results of the PAMM analysis of the auditory lexical decision latencies in the MALD database are presented in Table 1. As can be seen in Table 1, both
the model intercept (β = -4.678, p < 0.001) and the
smooth of time (χ 2 = 1852.250, p < 0.001) were significantly different from zero. The resulting (log)
baseline hazard is presented in the left panel of Figure 1. The probability of an instantaneous response
is initially low and increases as a function of time,
most prominently so between the start of the analysis window (640 ms after stimulus onset) and 800
ms after stimulus onset. As noted by Hendrix [6],
this functional shape of the baseline hazard function
is typical for response time distributions.
We observed a significant main effect of time
since offset (χ 2 = 17.240, p < 0.001) as well. The effect of time since offset, however, strongly interacts
with time (χ 2 = 1016.438, p < 0.001). The effect of
time since offset is visualized in the right panel of
Figure 1. Time is on the x-axis, whereas time since
offset is on the y-axis. The z-axis represents the adjustment to the (log) baseline hazard as a function of
time and time since offset, with warmer colors representing a higher probability of an instantaneous response.
The contour plot for time since offset includes the
partial main effect of time since offset and the partial time by time since offset interaction, but excludes
the partial main effect of time. The partial main effect of time is excluded for ease of interpretation and
is omitted in all subsequent time by predictor contour plots as well. As expected, the probability of an
instantaneous response is lower when the offset of
the acoustic signal has not yet been reached (i.e., for
negative values of time since offset).
We furthermore observed a significant main effect

parametric terms
intercept
smooth terms
time
time since offset
time by time since offset
frequency
time by frequency
PLD
time by PLD
time since UP
time by time since UP

β
-4.678
χ 2 -value
1852.250
17.240
1016.438
445.388
94.399
78.292
31.985
12.963
71.322

of frequency (χ 2 = 445.388, p < 0.001) and a significant time by frequency interaction (χ 2 = 94.399, p
< 0.001). The effect of frequency is presented in the
left panel of Figure 2. The probability of an instantaneous response is higher for high frequency words
as compared to low frequency words. The effect of
frequency is most prominent during the early stages
of the decision making process, but remains significant throughout a large part of the response window.
Indeed, the effect of frequency last reaches significance at 1, 344 ms after stimulus onset, at which
point in time no less than 96.44% of the words have
been responded to. Word frequency thus continues
to influence the decision making process during later
stages of the response window.
In addition to the effect of frequency, the PAMM
analysis revealed significant main effect (χ 2 =
78.292, p < 0.001), as well as a significant interaction with time (χ 2 = 31.985, p < 0.001) for (inv)
PLD. The effect of PLD is presented in the middle
panel of Figure 2. Consistent with the longer lexical
decision latencies for words from dense phonological neighborhoods reported in earlier studies (see

Figure 1: Left panel: (log) baseline hazard. Right panel: effect of time since offset.
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from all other words.
For words that cannot be identified as easily the
temporal location of the uniqueness point is less relevant. Instead, listeners resort to more static sources
of information, such as the frequency or phonological neighborhood density of a word. Consistent with
previous findings, the probability of an instantaneous response was higher for high frequency words
and for words from sparse phonological neighborhoods. Although the effects frequency and phonological neighborhood density were most prominent
during the early stages of the response window, however, both predictors continued to show robust and
qualitatively consistent effects throughout the response window. The information provided by these
lexical-distributional measures thus remains relevant
for the decision making process throughout the analysis window.
As a first exploration of PAMMs in the context of
speech perception, the work reported here focuses
on the effects of a limited number of lexical predictors on the probability of an instantaneous response
in the auditory lexical decision task. For these predictors, however, the current analysis helped gain
further insight the temporal development of the nonlinear effects of the predictors on lexical processing in the auditory domain. The (relative) timing
of predictor effects is crucial for the development of
psycholinguistic theories and models of speech perception. The results reported here thus suggest that
PAMM s have the potential to uncover valuable information that is not available through more traditional
analysis techniques.

e.g., [8]), the probability of an instantaneous response is lower for words from dense phonological
neighborhoods (i.e., for low values of PLD). As was
the case for the effect of frequency, the effect of PLD
is most prominent during the earlier stages of the decision making process, but remains significant until
92.84% of the words have been responded to (i.e.,
until 1, 236 ms after stimulus onset).
Finally, both the main effect (χ 2 = 17.240, p <
0.001) and the interaction with time (χ 2 = 1016.438,
p < 0.001) were significant for time since UP. The
instantaneous probability of a response is higher
when the acoustic uniqueness point is more recent
(i.e., for smaller positive values of time since UP).
Participants are thus more likely to respond when the
acoustic signal of a word was recently distinguished
from the acoustic signal for all other words. In comparison with the effects of frequency and PLD, the
effect of time since UP is more transient in nature
with large effect sizes at the start of the response
window and much smaller effect sizes during later
stages of the decision making process.
5. DISCUSSION
We reported the results of a time-to-event analysis of
the auditory lexical decision latencies in the MALD
database [9] using a PAMM [2, 1, 3]). We observed a
time-varying effect of the temporal distance to the
uniqueness point (i.e., the point in time at which
a word can be distinguished from all other words).
As expected, the probability of an instantaneous response was higher when the uniqueness point was
more recent. This effect, however, was much more
prominent during the earlier stages of the response
window than at later points in time. During the earlier stages of the response window, responses come
in for words that are easily identified as real words.
The current results indicate that responses to such
words tend to come in soon after or even before the
point in time at which a word can be distinguished
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ABSTRACT
We conducted two experiments using the ‘varying
standards’ oddball mismatch negativity (MMN)
paradigm to test whether the auditory cortex can
create and use ad hoc phonetic representations to
make predictions about a stream of varying speech
sounds. Experiment 1 used stimuli from a /dæ/-/tæ/
continuum, comparing ‘high-T’ standards (average
VOT: 80ms) and ‘low-T’ standards (average VOT:
65ms) to a 15ms deviant. Only a main MMN effect
was observed, suggesting that the brain failed to
generate an ad hoc phonetic representation.
To test this, we shifted the VOTs of all stimuli up
by 35ms so that all stimuli (standards and deviant)
were in the same category (/t/) – requiring ad hoc
categorization to discriminate standard from deviant.
We again find an MMN but no difference between
‘high’ and ‘low’ conditions. We conclude that the
auditory cortex can generate ad hoc phonetic
representations, but these representations do not
retain detailed phonetic information.
Keywords: MMN, speech perception, VOT
1. INTRODUCTION
Speech sounds must be modeled by the mind at
several levels of representation. These range from
the acoustic to the phonetic to the phonological. The
ultimate linguistic goal of the auditory perceptual
system is to assign sounds to categories in order to
parse words from the speech stream. Because words
are stored as sequences of phonemes, sounds must
be mapped from acoustic properties to categorical
representations.
Phonetic categories group sounds according to
their acoustic properties, such as VOT or formant
values. When listeners categorize sounds on an
acoustic continuum, an S-shaped probability curve
emerges. Sounds on the continuum are grouped into
distinct phonetic categories with only a small area of
uncertainty between them. This type of categorical
perception involves simply sorting sounds into
categories based on their phonetic properties.
Phonological representations are also categorical,
but lack category-internal structure. A phonological
category does not distinguish between a /t/ of 60 ms
and a /t/ of 90 ms. Phonological processes – such as
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assimilation, syllabification, and stress assignment –
apply at the level of the phonological category,
targeting all members of a category. Every token of
/t/ is treated in exactly the same way: simply as a
member of the category /t/.
Several studies have investigated auditory
perception using the mismatch negativity (MMN)
response, an automatic response to any change in
auditory stimulation generated by the auditory
cortex [1]. The appearance of an infrequent deviant
causes a ‘surprise’ response, which manifests as a
negative deflection relative to the response to the
standard stimulus. In order to generate this surprise
response, the auditory cortex must generate a
‘memory trace’ of the standard stimuli, which it then
uses to predict upcoming sounds.
The varying standards MMN paradigm, in which
the standards consist of a randomized set of related
sounds, is claimed to enforce phonological
representations [2]–[7]. The variance among the
standards potentially constrains the type of viable
memory trace representation that can be generated,
and the predictions that can be made.
Here we conduct two studies to determine
whether, when making predictions about a varying
stream of speech sounds, the auditory perceptual
system generates phonetic representations in an ad
hoc manner, or whether it uses phonological
category representations, stored in long-term
memory.
2. EXPERIMENT 1
2.1 Methods

2.1.1 Participants
46 participants were recruited (18 male). All
participants were undergraduates at the University of
Delaware, native speakers of English, and reported
no history of speech or hearing impairment. The
average age of participants was 22.5 (SD = 4.6).
Participants were compensated either with $20 or
extra credit in a linguistics course.
2.1.2 Stimuli and design
The stimuli were a sequence of synthesized CV
syllables composed of an alveolar stop and the

vowel [æ]. Each syllable had a duration of 290 ms.
The stimuli were adapted from Hestvik and
Durvasula [3], and were generated via Klatt
Synthesizer to exactly reconstruct the stimuli used in
Phillips et al. [2]. The onset consonant of the deviant
stimulus had a VOT value of 15 ms. The consonant
onset of the standard stimuli had VOT values of 60,
65, 70, 75, 80, and 85 ms.
The experiment consisted of 3 blocks,
corresponding to 3 conditions: Low-T, High-T, and
Control. Deviants from each experimental block
(Low-T, High-T) would be compared with the
deviant from the Control block to establish a main
MMN effect. The two experimental-control
differences would then be compared to observe a
potential phonetic “distance effect”. Each block
contained 1000 trials. For both Low-T and High-T
blocks, the 1000 trials consisted of 900 standards
(90%) and 100 deviants (10%). The /tæ/ stimuli in
the Low-T condition had an onset [t] with a VOT
value of 60, 65, or 70 ms. The /tæ/ stimuli in the
High-T condition had an onset [t] with a VOT value
of 75, 80, or 85 ms. The oddball /dæ/ in both Low-T
and High-T conditions had an onset [d] with a VOT
value of 15 ms.
The presentation of trials in the High-T and LowT conditions was pseudorandomized with at least 3
standards between every 2 deviants. The interstimuli interval (ISI) in each condition randomly
varied from 410 to 600 ms.
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2.1.3 Procedure
The brain responses were recorded in a passive
listening EEG paradigm. Participants sat in a soundattenuating booth and watched a silent movie while
stimuli were presented by two free field speakers.
Participants were told to watch the film and not pay
attention to the sounds. The order of the High-T,
Low-T, and Control blocks was randomized for each
participant. The entire recording session took
approximately one hour.
2.1.4 Data acquisition and analysis

Figure 1: Illustration of standards and deviant in
the High-T and Low-T conditions.
High-T

The main MMN effect will be generated as a
difference between the brain response to the deviant
in the experimental blocks (High-T, Low-T) and the
same 15 ms token in the Control block. The brain
response to the deviant in the experimental block is a
function of prediction error and surprise – the
auditory perceptual system generates a prediction
about upcoming sounds, which is violated by the
appearance of the deviant. In the control condition,
there is no pattern and no prediction can be made.
By comparing the deviant stimulus to itself in the
random control condition, we control for inherent
differences in brain response between the standard
and deviant stimuli and ensure that the expected
MMNs come from the memory comparison. The
deviant in the control condition will serve as a
control to compute the mismatch effect in lieu of the
standard stimuli.

D

Following Jacobsen & Schröger [8], [9], we used
a Control condition in which the target /dæ/
appeared in a randomized sequence of equi-probable
varying sounds. Because the target /dæ/ is identical
to the token used as a deviant in the High-T and
Low-T conditions, we refer to it as a “deviant”
appearing among “random standards”. Stimuli in the
Control condition consisted of synthesized syllables
with onset VOTs varying by increments of 5 ms (5,
10, 15, 20, 25, 30, 35, 40, 45, and 50 ms). Each
stimulus, including the 15 ms token, appeared with
equal probability.
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Continuous EEG data were recorded from 128
electrodes in an elastic net (Geodesic Hydrocel 128)
and was sampled at 250 Hz. Electrode impedances
were lowered to below 50 kΩ.
After acquisition, the data were passed through a
0.3 Hz FIR high-pass filter. The continuous EEG
were then segmented into epochs of 1000 ms, with a
200 ms pre-stimulus period. The segmented data
were baseline corrected based on the mean voltage
of the 200 ms pre-stimulus period. The data were
then submitted to an automated process of eyeblink
subtraction using ICA with the ERP PCA toolkit,
artifact correction, and bad channel replacement.
The remaining trials were averaged into 6 cells:
High-T-deviants, High-T-standards, Low-Tdeviants, Low-T-standards, Control-deviants, and
Control-standards. The data were then re-referenced
to linked mastoids and 40Hz low-pass filtered.
We used a principal components analysis (PCA)
to determine the electrode regions and time windows
for ERP analysis. PCA provides a more objective
way of selecting time windows and electrode regions
for analysis than visual inspection [10], [11]. The

PCA decomposes the temporal and spatial
dimensions into a linear combination of a smaller set
of abstract ERP factors based on covariance patterns
among time points and electrode sets. The PCA can
tease apart the underlying contributions of the
factors to the summed scalp activity. For the input to
the PCA, we used two difference waveforms (LowT minus Control and High-T minus Control) to
identify the main mismatch effect of the Low-T
condition and the High-T condition.
2.2 Results

After pre-processing, 9 participants’ data were
excluded due to having either more than 10 percent
of bad channels or more than 25% bad trials. Of the
remaining 37 participants, 8 participants showed a
reliable mismatch effect with a positive polarity. We
excluded these participants from further analysis,
leaving us with 29 total participants.
The PCA generated 23 temporal factors and 6
spatial factors. Of these, two temporospatial factors,
each accounting for greater than 5% of the total
variance, had a temporal and spatial distribution
consistent with an MMN effect. TF02 peaked at 272
ms, and TF04 peaked at 492 ms. Both had a frontocentral scalp distribution. Although MMNs in early
time windows are more typical, late MMNs
(sometimes referred to as Late Discriminatory
Negativity) have been reported in several studies [3],
[12]–[14].
A significant mismatch effect was found for both
experimental conditions relative to control in both
early and late time windows, but the difference
between High-T and Low-T conditions was not
significant in either time window.
Figure 2: Comparison of brain response to
deviant tokens in High-T, Low-T, and Control
conditions for Experiment 1.

significant [t(28) = -1.03; p = 0.311]. In the late time
window (480-516 ms), High-T vs Control was
highly significant [t(28) = 3.62; p = 0.001], and
Low-T vs Control was also highly significant [t(28)
= 3.61; p = 0.001], but High-T vs Low-T again was
not significant [t(28) = -0.334; p = 0.741].
2.3 Discussion

In both time windows a general mismatch effect was
found, indicating that participants discriminated
between standards and deviant in the passive
listening procedure. The lack of difference in brain
response to deviant in the High-T condition and
Low-T condition indicates that the High-T and LowT standards were represented equivalently across the
two conditions. There was no phonetic “distance
effect” – rather, all tokens in the category /t/ were
treated identically. This is evidence for the claim
that the auditory perceptual system does not generate
ad hoc phonetic representations when phonological
representations are available and sufficient to
generate a viable prediction.
However, there remains the possibility that
phonetic distance is contributing to the overall
amplitude of the MMN effect, but that this
contribution is overshadowed by the much larger
contribution of phonological category (cf. Sharma
and Dorman [15]). To test for this possibility, we
conducted Experiment 2, in which the VOTs of all
stimuli have been uniformly increased so that the
deviant is no longer in the voiced category. With the
contrast no longer being across-category, we can
eliminate phonological category differences as a
contributor to the mismatch amplitude.
Also, because the deviant does not fall into an
oppositional category relative to the standards, the
only way to discriminate deviant from standards is
to generate an ad hoc phonetic representation of
both. In this way, Experiment 2 will serve as a strict
test of the auditory perceptual system’s ability to
generate ad hoc phonetic representations.
3. EXPERIMENT 2
3.1 Methods

3.1.1 Participants
21 participants were recruited (2 male)1. All
participants were undergraduates at the University of
Delaware, native speakers of English, with no
history of speech or hearing impairment. The
average age of participants was 20.9 (SD = 2.7).
Participants were compensated either with $20 or
extra credit in a linguistics course.

In the early time window (244-308 ms), High-T
vs Control was significant [t(28) = 2.6; p = 0.015],
and Low-T vs Control was also significant [t(28) =
2.06; p = .049]. High-T vs Low-T was not
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3.1.2 Stimuli and design
Experiment 2 used similar stimuli as experiment
1. New syllables were synthesized that corresponded
to the stimuli from experiment 1, with the VOT
shifted up by 35 ms. This resulted in a deviant of 50
ms and standards of 95, 100, 105, 110, 115, and 120
ms. The varying standards of the Control condition
were also shifted up to the new range.
The experiment was preceded by an identification
pre-test and followed by an identical post-test. The
pre- and post-test was meant to establish two things:
(1) that the 50 ms deviant was not being perceived
as a member of the /d/ category; and (2) that
exposure to the high VOT values of the standards
during the passive listening EEG procedure would
not shift the perceptual boundary separating voiced
from voiceless.
A threshold analysis of the identification data
found a median boundary value of 42.1 ms (SD =
14.4) for the pre-test and 49.6 ms (SD = 22.4) for the
post-test. A t-test found the difference between the
pre- and post-test was not significant [t(9) = 1.39; p
= .197]. This indicates that the 50 ms deviant was
not perceived as voiced either before or during the
passive EEG procedure, although it is at or near the
perceptual boundary for many participants.

of bad channels or more than 25% bad trials. Of the
remaining 15 participants, 4 participants showed a
reliable mismatch effect with a positive polarity, and
one participant showed no discrimination in the pretest. These participants were also excluded, leaving
10 total participants.
The PCA picked out 18 temporal and 5 spatial
factors, of which one accounted for greater than 5%
of the total variance and had a distribution consistent
with an MMN effect: TF01SF1. Again we found a
significant difference between High-T and Control
[t(9) = 2.45; p = .037] and a significant difference
between Low-T and Control [t(9) = 2.40; p = .04],
but no significant difference between High-T and
Low-T [t(9) = .304; p = .768].
Figure 4: Comparison of brain response to
deviant tokens in High-T, Low-T, and Control
conditions for Experiment 2.

Figure 3: Proportion of /t/ responses by VOT
in the identification pre- and post-test.
3.3 Discussion

The results of Experiment 2 mirror the results of
Experiment 1. This indicates that participants
successfully discriminated between standards and
deviant, even when the deviant was not a clear
member of an opposing phonological category.
Because the auditory system cannot rely on
phonological category assignment to differentiate
the standards and deviant in this case, it must be
sorting the two distant types into phonetic
representations generated in an ad hoc manner.
There are no pre-defined categories that can group
high-VOT exemplars of /t/ to the exclusion of a
marginal/boundary /t/. Rather, the successful
discrimination is evidence that representations are
being generated on the fly.
However, the absence of a distance effect
suggests that these ad hoc representations are not
fully specified – they do not contain detailed
information about VOT. Whether the failure to
measure a distance effect is due to an absence of
specified phonetic information or simply the
system’s (lack of) sensitivity to the magnitude of the
difference will require further study.

3.1.3 Data acquisition and analysis
The data were recorded and processed exactly as
in Experiment 1, with two minor changes: the raw
EEG data were 0.1Hz high-pass filtered and
segmented into 800 ms epochs with a 200 ms prestimulus baseline period. The high-pass filter was
changed to avoid generating illusory ERP effects
[16]. The data were again subject to a PCA to select
time and spatial regions for analysis.
3.2 Results

After processing the data, 6 participants’ data were
excluded due to having either more than 10 percent
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TESTING A THEORY OF REPAIRING SEGMENTAL SPEECH ERRORS
Sieb Nooteboom & Hugo Quené
Utrecht institute of Linguistics OTS
Utrecht University, the Netherlands

ABSTRACT
We propose that in self-monitoring for segmental
speech errors "repairs" stem from word forms that
compete during speech preparation and selfmonitoring with the selected form. Activation of
these potential repairs decreases during the time lag
between detection in internal and overt speech.
Earlier it was demonstrated that repaired speech
errors can be classified as detected in internal or in
overt speech. A re-analysis of data obtained in two
SLIP experiments shows that: (1) Error-tointerruption times are longer after non-elicited and
multiple errors than after single elicited errors. (2)
Single elicited errors are relatively more often
detected in internal speech than other errors are. (3)
The correct word form is the most frequent form used
as repair, but less frequently after external than after
internal detection. (4) Interruption-to-repair times are
shorter for single elicited than for other errors, but
less so after external detection. These findings
support our theory of repairing.
Keywords: Speech errors, self-monitoring, internal
speech, overt speech, repairs.
1. INTRODUCTION
This paper deals with self-repairing of segmental
speech errors. The main question we try to answer is:
"Where do, in self-monitoring, self-repairs of
segmental speech errors come from?" We recently
proposed the outline of a new theory of selfmonitoring and repairing speech errors [14].We
believe, with Nozari and colleagues [15, 16], that
during speech preparation and self-monitoring,
speech error detection is triggered by conflict
between candidate word forms competing for the
same slot in the utterance being prepared. We also are
confident that, as claimed by Levelt and his associates
[9, 10], speech errors are detected both before and
after speech initiation, i.e. both in internal speech and
in overt speech. Error detection triggers interruption
of the speaking process and the start of a repair
process. During this repair process, candidate repairs
do not necessarily stem from re-compilation as was
proposed in [9] and [10], but repairs can be highly
activated competitor word forms. The assumption
that error word forms and candidate repairs can be
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simultaneously active, competing for the same slot in
the utterance being prepared, would explain that often
segmental speech errors are articulatory blends
between two competing segments [4, 6, 7, 11, 12, 20].
If the error form has the highest activation, a
command to start articulation is issued when
phonological encoding of this form is completed. We
also assume that during speech preparation, activation
of the correct word form is sustained from the lexical
level, activation of error forms is not.
Levelt and his associates [9, 10] argued that speech
errors can be detected at two stages, both before and
after speaking the error form is initiated, i.e. both in
internal and in external or overt speech. In principle,
errors detected in internal speech could be repaired
before speech initiation. If so, these would be
unobservable. However, we have demonstrated [14]
that such covert repairs, if they occur at all, are
extremely rare: The distribution of error-tointerruption times is not clearly truncated, leaving
little room for covert repairs. Most errors detected in
internal speech surface as interrupted error forms as
in "b..good beer", where the "b.." is an anticipation of
the initial consonant of "beer". One may note that
speech fragments in such interrupted error forms
often are shorter than humanly possible reaction
times. Such short speech fragments must reflect error
detection in internal speech (cf. [1, 5, 8]). But, as we
will see below, the empirical separation between
internal and external detection on the basis of errorto-interruption times, is not determined by the
shortest possible reaction times.
Until recently there was no way to distinguish
empirically between repaired errors detected in
internal speech and those detected in overt speech.
This also led to the default assumption that detection
and repair processes are the same in self-monitoring
internal and overt speech. We have demonstrated [13]
that there is a way to distinguish between repaired
errors detected before and after speech initiation. As
it happens, the distribution of error-to-interruption
times is clearly bimodal, as one would predict from
Levelt's assumption [9, 10] that there are two
consecutive stages of self-monitoring. This bimodal
distribution may be described with two underlying
gaussian
distributions with an intermediate
separation threshold. If we assume that all error-tointerruption times shorter than the separation value
belong to repaired errors detected in internal speech

and all other error-to-interruption times belong to
repaired errors detected in overt speech, then we can
at least statistically separate between these two
classes of repaired speech errors. Interestingly, the
time lag between self-monitoring internal and overt
speech appears to be in the order of 500 ms. This is
considerably longer than previously supposed. (For
example, the computational model proposed in [8]
predicts that this time lag would be in the order of 200
ms). For all practical purposes we are now in a
position to investigate differences between these two
classes of repaired errors. This helps us in testing our
theory of repairing speech errors.
We do this in two SLIP experiments. The main
point of a SLIP experiment is that specific speech
errors, here reversals between initial consonants of
two CVC words, are elicited by the structure of
precursor word pairs, priming segmental speech
errors. This priming boosts the activation level of
both the correct target forms and the elicited error
forms, and thereby suppresses the activation of other
competing error forms. Typically in such experiments
we find correct responses, elicited error responses and
non-elicited error responses. In testing our new theory
of repairing speech errors we capitalize on the
distinction between detection in internal and overt
speech and on the distinction between elicited and
other errors. Below we derive four predictions from
the current theory of repairing segmental speech
errors. These predictions are specific for SLIP
experiments.
First, after single elicited errors there is mainly
competition between a specific single error form and
the correct target form. After other errors, potentially
there is competition between more activated lexical
items, providing more opportunities for repairing, but
also taking more time to be resolved.
(1) Error-to-interruption times are longer after
non-elicited and multiple errors (together
"other" errors) than after single elicited
errors.
Second, if detection takes more time for other
errors than for elicited errors, there will be more cases
in which the time available for internal detection has
expired. In those cases, detection may take place in
overt speech. This leads to our second prediction.
(2) Single elicited errors are relatively more
often detected in internal speech than other
errors.
Third, we assume that correct word forms are
sustained from the lexical level during the process of
self-monitoring, whereas other forms are not. But we
also assume that during the delay between internal
and external self-monitoring activation of the
available candidates for repair decreases. Together
these assumptions lead to the third prediction:
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(3) The correct lexical form will be the most
frequent form used as repair, but this effect
will be weaker after external than after
internal detection.
Finally, the theory assumes that after other errors
there are more and less activated competing items
than after elicited errors, and therefore selecting or reactivating a repair will take more time. However, we
also assume that between detection in internal and
and detection in overt speech, activation of potential
repairs decreases. Therefore, more often a repair must
be re-activated. This effect will be stronger for other
errors than for elicited errors. Together these
assumptions lead to our fourth prediction.
(4) Interruption-to-repair times are shorter for
single elicited than for other errors. This
effect will be stronger after internal than after
external error detection.
Below these predictions will be tested.
2. METHOD
For testing our predictions, we employ data obtained
in two SLIP experiments, described in [13]. The two
experiments differed in the phonological contrasts
between the interacting initial consonants.
Differences in results between these two experiments
are not relevant for our current purpose and will not
be discussed in the current paper.
In both experiments anticipatory single segmental
errors (exchanges and anticipations) were elicited by
phonological priming of initial consonants in Dutch
CVC CVC word pairs. Each stimulus word pair was
preceded by five precursor word pairs the last three of
which primed a reversal between the two initial
consonants. For example, five precursor word pairs
bouw jool, lijf deed, koet pop, kuur poet, kas piet,
preceded the stimulus word pair paf kiep. The
stimulus word pair was followed by a sequence of 6
question marks, serving as a cue to speak the last
word pair seen. All word pairs and the speaking cue
were presented on a screen during 900 ms followed
by a blank during 100 ms. In each experiment there
were two lists of test stimuli (32 in Experiment 1; 64
in Experiment 2) and filler stimuli (23 in Experiment
1; 46 in Experiment 2). The number of precursors for
the fillers varied from 0 to 4. These precursors were
not eliciting speech errors. Their sole function was to
make the moment a word pair had to be pronounced
unpredictable. In each experiment there were two
parts: one part, employing one list of stimuli, with
auditory feedback, and one part, employing the
corresponding other list of stimuli, without auditory
feedback. Unexpectedly, the effect of auditory
feedback was found to be negligible
[13].
Experiment 1 had as participants 106 native speakers

of Dutch, Experiment 2 had as participants 124 native
speakers of Dutch. For further details we refer to [13].
Whereas in [13] only correct and fluent and single
elicited segmental error responses to the test stimuli
were analysed, here we provide a first report and
analysis also of other error responses. These are
mainly non-elicited and multiple error responses. We
will also compare single elicited error responses
against these "other" error responses. Results of the
two experiments will be collapsed below.

effects modeling (LMM), with subjects and stimuli as
random intercepts.
(1) Error-to-interruption times are longer after
other errors than after single elicited errors.
Log-transformed error-to-interruption times were
indeed found to be considerably and significantly
longer after "other" errors (6.146, or 467 ms) than
after single elicited errors (5.239, or 188 ms), as
confirmed by the LMM [β=+0.908, t=13.27, p<.0001;
95% CI (0.761, 1.047); masking noise yields no
effect, β=-0.055, |t|<1, n.s.].

3. RESULTS
Because the contrast between internally and
externally detected errors is important for testing our
predictions, we begin with testing whether at least
statistically we can separate between these two
classes of repaired errors. We do this by using the
same procedure as described in [13], but here applied
to the entire set of relevant (elicited and other) error
responses containing a repair. Log-transformed errorto-interruption times were modeled (without
supervision) as a mixture of two gaussian
distributions [2], [3], [18], visualized in figure 1.
Figure 1. Histogram of log-transformed
durations of error-to-interruption intervals of
repaired initial responses. Distributions plotted
with dotted lines indicate the estimated
distributions from an uninformed gaussian
mixture model (see text). The vertical dashed
line indicates the interpolated boundary value
(6.07, corresponding to 432 ms) between the
two distributions.

Prediction 2 focuses on the odds of elicited and
other errors being detected internally or externally.
The count frequencies were analyzed by means of
loglinear (count-based) modeling with detection
stage and type of error response as two predictors; due
to the low frequencies per subject or per item, random
effects had to be ignored here.
(2) Single elicited errors are relatively more
often detected in internal speech than other
errors.
For single elicited errors, the odds of being detected
internally were 235:38. This is indeed far higher than
for other errors, viz. 65:114. In other words, most of
the internally detected errors were elicited ones
(235:65), most of the externally detected errors were
"other" error responses (38:114). The interaction was
confirmed by the loglinear model (β=2.42, Z=10.2,
p<.0001; adding masking noise did not improve the
fit of the model, p=.2498).
Prediction 3 focuses on the odds of repairs of
elicited and other errors being correct or incorrect.
(3) The correct lexical form will be the most
frequent form used as repair, but this effect
will be weaker after external than after
internal detection.
Figure 2. Error forms and correct forms used as
repairs separately for single elicited and other
errors and for internal and external detection.

Based on this mixture model, we will from now on
assume that repaired errors with error-to-interruption
times shorter than 432 ms were detected "internally",
and those with error-to-interruption times longer than
432 ms were detected "externally". Because the two
estimated distributions overlap, some repaired errors
are necessarily misclassified, causing some
unavoidable statistical noise. Below we will test our
four predictions.
Prediction 1 focuses on error-to-interruption times.
These were analyzed by means of linear mixed1230

Again, these odds were analyzed by means of
loglinear modeling, with the relevant factors as fixed
predictors. Figure 2 shows that indeed correct forms

are much more often used as repairs than error forms
are (GLM, main effect of repair status, β=2.04,
Z=8.19, p<.0001), and that this effect is weaker after
external than after internal error detection (interaction
β=-0.60, Z=-2.15, p=.0032). In addition, repairs are
much more frequent after single elicited errors than
after other errors (main effect of error status, β=0.95,
Z=8.49, p<.0001), and this effect is also far weaker
after external than after internal detection (interaction
β=-2.25, Z=-10.68, p<.0001). Other effects were not
significant.
Prediction 4 focuses on interruption-to-repair
times:
(4) Interruption-to-repair times are shorter for
single elicited than for other errors. This
effect will be stronger after internal than after
external error detection.
Figure 3 below is a histogram of interruption-torepair times. The histogram includes the value 0 ms
(converted to 1 ms before taking the logarithm). That
this value stands apart in a single bin is an artefact of
the logarithmic scale. But in the ms scale too, the
value of 0 ms is overrepresented. The histogram of
interruption-to-repair times (Figure 3) shows that the
value of 0 ms (converted to 1 ms before log
transformation) is overrepresented. These "zero"
values correspond to immediate repairs.
Figure 3. Histogram of log interruption-torepair times.

We might test our prediction (4) in two different
ways. One is to test whether interruption-to-repair
times are significantly longer for "other" errors than
for single elicited errors. This effect was indeed found
in an LMM including participants and stimuli as
random factors [β=1.01, t=6.18, p<.0001]. However,
the distributions of interruption-to-repair times
deviate strongly from normal precisely because the
overrepresentation of immediate repairs. Therefore,
we also tested whether the incidence of immediate
repairs is greater for single elicited than for other
errors, using a GLMM [17]. With the detection stage
included as a fixed predictor, we find that after
internal detection the odds of immediate repairs are
indeed higher after single elicited errors (35:198) than
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after other errors (3:52), although not significantly so
(β=+1.04 logit units, Z=1.59, p=.112). After external
detection the effect is much weaker (single elicited
2:36, other 4:109), but there are so few immediate
repairs after external detection that the interaction is
not significant (β=-0.89 logit units, Z=-0.79, p=.431;
for the same reason the effect of masking noise could
not be added to the GLMM).
4. DISCUSSION
We have tested four predictions derived from our
proposal in [13] and [14] that in repairing segmental
speech errors, repairs, both after internal and after
external error detection, do not necessarily stem from
re-compilation of the correct form [9, 10, 11], but
that repairs may stem from active forms competing
with the selected form. We found (1) that in SLIP
experiments error-to-interruption times are longer
after non-elicited and multiple segmental errors than
after single elicited errors. This supports the idea that
when competition is not limited to an elicited specific
error form and a correct target form, error detection
takes longer. Later interruption after other than after
elicited errors possibly also reflects that interruption
can be postponed, although not indefinitely, when no
repair is readily available [19, 21]. The finding that
error-to-interruption times are longer for other errors
than for elicited errors is corroborated by the
observation (2) that single elicited errors are
relatively more often detected in internal speech than
other errors: Obviously, when the time available for
error detection in internal speech runs out, the error
can be detected later in overt speech. We also found
(3) that error forms are more often repaired with the
correct target form than with other competing error
forms. But crucially, this effect is much weaker after
external than after internal error detection. This
confirms both that correct forms are frequently used
as repairs and that activation of potential repairs
decreases during the 500 ms delay between internal
and external detection. Finally, we found (4) that
interruption-to-repair times are shorter for single
elicited than for other errors, but more so after
internal than after external detection. This confirms
our proposal that repairing is more difficult for nonelicited and multiple errors than for single elicited
errors, and that activation levels of potential repairs
decrease in the interval between internal and external
detection.
In sum, these findings support our proposal that at
least in this experimental task, repairs stem from
correct forms and error forms being simultaneously
active and competing at the moment of speaking the
error form.
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ABSTRACT

The effect of neighborhood density was interpreted
as reflecting lexical competition, the hallmark of
word processing. The effect of phonotactic probability, which in their data was strongly correlated with
neighborhood density, was understood as arising at
the sublexical level. Nonword processing would
then be driven primarily by phonotactic probability.
In a subsequent study, Vitevitch and Luce [16] reported that in lexical decision, nonword processing
can also involve the lexical level, if nonwords coactivate real words that then enter into a process of
lexical competition. However, by assumption, nonwords still do not have their own specific semantics.
In this study we show that nonwords are not semantically empty and that nonword-specific meanings do co-determine lexical processing. This idea is
in fact not new. Take sound symbolism, for example.
If nonwords would not activate any semantics, it is
hard to explain the well-established finding that certain nonwords are consistently associated with specific semantic concepts: a nonword such as baluma
is typically associated with objects with round curvy
shapes ([9, 13]).
The goal of the present study is to complement
investigations of phonological aspects of nonword
processing with an exploration of their semantic
effects. To that end, we extracted the nonword
data from the Massive Auditory Lexical Decision
(MALD) database [14], and examined acoustic durations and reaction times. Specifically, we generated semantic vectors for nonwords, using the algorithms of a new cognitively and linguistically motivated theory of the mental lexicon, Linear Discriminative Learning [2].

Nonwords are often used to clarify how lexical processing takes place in the absence of semantics. This
study shows that nonwords are not semantically vacuous. We used Linear Discriminative Learning [2]
to estimate the meanings of nonwords in the MALD
database [14] from the speech signal. We show that
measures gauging nonword semantics significantly
improve model fit for both acoustic durations and
RTs. Although nonwords do not evoke meanings
that afford conscious reflexion, they do make contact with the semantic space, and the angles and distances of nonwords with respect to actual words codetermine articulation and lexicality decisions.
Keywords: Nonword, auditory lexical decision,
lexical processing, Linear Discriminative Learning.
1. INTRODUCTION
Nonwords are widely used in a variety of linguistic experiments. In lexical decision tasks, for example, they are used not only to balance word decisions
with nonword decisions, but also to help conceal the
experimental manipulation of word materials.
When nonwords are themselves the target of
study, the obvious absence of clear meanings for
nonwords has led researchers to use nonwords to
study lexical processing without any interference of
semantics. For example, Vitevitch and Luce [15]
contrasted nonwords with words to distinguish the
loci where different effects occur. Examining the
effects of phonological neighborhood density and
phonotactic probability on spoken word recognition
with a shadowing task, they found effects with opposite sign for words and nonwords. Whereas higher
diphone probability and denser similarity neighborhoods predicted longer reaction times for words,
they predicted shorter reaction times for nonwords.
Vitevitch and Luce argued that the effects of
phonological neighborhood density and phonotactic probability arise at different processing levels.

2. METHOD
2.1. Materials

We obtained the recordings and reaction time data
of the nonwords from MALD. The nonwords, all
composed of phonotactically legal syllables, were
recorded by one male native speaker of English and
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were responded to by 231 native listeners in a lexical decision task. In what follows, we analyzed only
correct responses. This left us with 9,573 data points
for the acoustic durations, and 96,049 for the RTs.

procedure as for the word matrix C w . Using (2), we
then derived the semantic matrix for nonwords ŜS nw ,
each row of which represents the predicted semantic
vector (ŝsnw ) of a nonword.

2.2. Estimating nonword meaning

2.3. Predictors

Following Landauer and Dumais [11] and subsequent work in distributional semantics, we approximated word meanings by means of vectors of
real-valued numbers, henceforth semantic vectors.
We made use of the semantic vectors described in
Baayen et al. [2], which were derived from the
TASA corpus [8, 12]. The computational model
of Linear Discriminative Learning (henceforth LDL)
developed in this study maps a numeric vector representing a word’s form onto a numeric vector representing a word’s meaning.
Formally, let C w denote the matrix specifying
words’ forms, and let S w denote the matrix specifying words’ meanings. The form and meaning matrices have the same number of rows, one for each
word. Thus, in C w , a given row vector c w represents
the form features of one specific word, whereas in
S w , the corresponding row represents the semantic
vector (ssw ) of that word. We define a matrix F that
maps the form vectors in C w as precisely as possible
onto the semantic vectors of S w . Using the notation
of linear algebra, this mapping can be written as:

For the analysis we considered five variables as predictors. The first two are measures of phonological
form, whereas the latter three are semantic measures
derived from ŜS nw .
Phonological Neighborhood Density (PhonND):
The number of words which have an edit distance
of one phone (by addition, deletion, or substitution)
from the nonword. This measure is provided by
MALD.
Biphone Phonotactic Probability (BiphProb):
The mean biphone phonotactic probability of a nonword. This measure was obtained from the online phonotactic probability calculator developed by
Vitevitch and Luce [17].
Euclidean Distance from Nearest Neighbor
(EDNN): The Euclidean distance of the position of a
nonword in the semantic space from the position of
its nearest word neighbor. This was calculated by
using the FNN package of R [3].
Average Lexical Correlation (ALC): The mean of
the correlations of a nonword’s semantic vector ŝsnw
with each of the words’ semantic vectors s w . Correlation, similar to consine similarity, is a measure
of the angle of two vectors. The smaller the angle
is, the more similar the two vectors are, and hence
the higher the correlation. Higher ALC indicates
that the nonword has “landed” in a denser semantic
neighborhood.
Nearest Neighbor Correlation (NNC): The maximum correlation between a nonword semantic vector ŝsnw and a word semantic vector s w , taking into
account all word vectors. Its value is high when the
angle between ŝsnw and s w is small, suggesting the
nonword is semantically similar to a word.

(1) C w F = S w .
The mapping F is equivalent to a two-layer network
without hidden layers. Given the matrices C w and
F , equation (1) can be solved (see [2] for mathematical details). Given the mapping F and a set of
nonwords, the form vectors of which are brought together as the row vectors of a matrix C nw , we can
estimate the semantic vectors of these nonwords by
post-multiplying the matrix of form vectors with F :
(2) C nw F = ŜS nw .
Form and meaning vectors were constructed for the
19,412 words from MALD for which TASA-based
semantic vectors were also available to us (cf. [2]).
The semantic vectors constructed in this study were
used to build the semantic matrix S w . The form matrix C w was derived from the speech signal using the
Frequency Band Summary (FBS) features [1]. For
the present dataset, there was a total of 26,336 distinct FBS features. A word’s form vector specifies
which of these FBS features are present in that word,
using binary coding with 1 for presence and 0 for
absence. For the 9,573 nonwords in MALD, we creC nw ), following the same
ated a second form matrix (C

3. RESULTS
3.1. Nonword duration

Statistical analyses were conducted using the Generalized Additive Mixed Model (GAMM) [18], which
allows the modeling of nonlinear functional relations between one or more predictors and the response variable. To avoid problems of interpretation due to multicollinearity (the pairwise correlations of these measures are: EDNN-ALC: r = −0.28;
EDNN-NNC: r = −0.45; ALC-NNC: r = 0.57), we performed a Principal Component Analysis (PCA) on
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the three semantic measures. The PCA loadings for
these measures are presented in Table 1. We included PC1 and PC2, which together accounted for
87% of the variance in the semantic measures, into
our regression analyses.
We fitted a GAMM to the nonword durations,
with as predictors PC1 and PC2, as well as from
the two phonological measures of PhonND and
BiphProb. The upper panels of Figure 1 visualize
the partial effects of the two phonological factors.
Both are well-supported predictors for nonword duration, but their effects are opposite. Accordingly,
nonwords in a denser phonological neighborhood
are produced with shorter duration, while nonwords
with higher phonotactic probability have longer duration. This pattern of results fits well with previous
work on PhonND effects on duration. Gahl et al. [7],
based on a different model, the two-step interactive
activation model of lexical access of Dell [5] and
Dell and Gordon [6], hypothesized that increasing
PhonND should be associated with shorter word durations. That prediction was confirmed based on a
corpus of spontaneous speech.
The semantic measures, the partial effects of
which are presented in the bottom panels of Figure 1, are also predictive. Inclusion of these predictors increased model fit substantially (∆ AIC =
1845 units). For both PCs, we found upward-sloping
trends. Since PC1 is a dimension that contrasts EDNN
on the one hand with ALC and NNC on the other
hand, if PC1 is large, a nonword is distant from other
words, has landed in a sparse neighborhood, and is
semantically dissimilar to any word. Under this condition, durations increase. PC2 is an orthogonalized
dimension that aligns EDNN and ALC. A large value of
PC2 indicates that the nonword is again distant from
other words, but now it is in a dense region of semantic space. In this case durations increase as well.
PC1 may be capturing nonwords that stand out semantically as nonwords, similar to the way in which
a novel taste can stand out as distinct from previously experienced tastes. The lengthening effect of
PC1 may thus relate to previous work on spoken
word duration [10, 4] that observed longer word durations in connection with decreased entropy. PC2,
on the other hand, may reflect what in interactive activation models would be understood as competition
among semantic neighbors [6], resulting in longer
durations in speech production.

Table 1: PCA loadings for the semantic measures.
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Figure 2: Predictor effects on nonword RTs. The
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We again made use of a GAMM to predict RTs
from the two phonological measures and the two semantic PCs, now also including by-subject and bynonword random intercepts. Compared to a baseline
model with only the two phonological measures,

3.2. Nonword RTs

Most responses were executed after nonword offset,
with only a few exceptions (1.5%). Given that
nonword duration is well correlated with reaction
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model fit significantly improved with the inclusion
of the two semantic measures (∆ AIC = 141 units).
As shown in the upper left panel of Figure2, RTs
increase with PhonND, suggesting that it is harder
to reject a nonword when it has many word neighbors of similar phonological make-up. The effect
of BiphProb, on the other hand, is much attenuated
and irregular in shape. Both semantic measures reveal downward trends. As for duration, the effect of
PC1 levels off for low values.
4. DISCUSSION
This study shows that nonword processing is influenced not only by form similarity (as gauged
by phonological neighborhood density and biphone
phonotactic probability) but also by nonword semantics. First consider the effects of form similarity.
Form effects on RTs support Vitevitch and Luce’s
proposal that nonword processing in the lexical decision task is determined by PhonND [16]: The effect of PhonND on RTs was strong, whereas that of
BiphProb was weak and U-shaped. For words, Gahl
et al. [7] showed that PhonND and BiphPhon are
positively and strongly correlated, and have similar effects on acoustic duration. For the nonwords
of our study, however, their effects are opposite,
and the two measures are not well correlated (r =
−0.12). This may be due to the much wider range
of syllable types and word lengths in the MALD
nonword data. For instance, when we restrict the
dataset to CVC nonwords, the syllable type figuring in Gahl et al., a positive correlation between
PhonND and BiphProb emerges. Another potential cause that leads to the discrepancy between the
present study and the previous one is genre difference. While we examined productions elicited by a
naming task, Gahl et al. investigated spontaneous
speech. We leave the interaction of syllable structure, word length, morphological complexity, genre
type, and phonological measures for future investigation, as the focus of the present study is on semantic influences on RTs and durations.
Figure 3 helps clarify the semantic effects we observed. The semantic vector of a target nonword
is shown in blue, and the vectors of two words are
shown in red and orange. These words are at the
same Euclidean distance d from the target, but the
angles between their vectors and the target nonword
vector differ: α1 > α2 . The EDNN measure is the
radius d to the closest neighbor. The ALC and NNC
measures relate to the angles α. The ALC measures
how closely oriented the nonword target vector is to
the mean of all word vectors, and the NNC measures

Figure 3: Semantic neighbors (Nw 1 and Nw 2) can
be at the same distance d of a target nonword Tnw
and yet be at different angles (α1 and α2 ) from the
target vector, and hence differ in their semantic
similarity (as guaged with the cosine similarity or
correlation measures).

the similarity in orientation for the neighbor with the
smallest angle α. Larger positive values of PC1 represent nonwords with a large radius d and large angle α1 , i.e., less semantically similar neighbors. Orthogonal to this, larger values on PC2 represent nonwords with large radius d but small angles (α2 ), i.e,
semantically more similar words.
The analysis of the RTs suggests that the radius d
may inform lexicality decision, as for nonwords with
larger radius d (i.e., larger EDNN), reaction times are
shorter. Such stimuli are clearly nonwords. The leveling off of the effect of PC1 on RTs and durations
may reflect the consequences of using a threshold θ
for nonword decisions based on the radius d:
RT ∝ I[d≤θ ] a + I[d>θ ] (a − bd), b > 0,
where I[x] evaluates to 1 if x is true, and to 0 otherwise. For stimuli with large d, their nonword status
is so clear that they can be produced with confidence
by the speaker reading out the nonwords, resulting in
longer durations [10, 4].
In conclusion, the present study offers evidence
that nonwords do project into semantic space, and
that where they land in this space affects both speech
production (acoustic durations) and comprehension
(RTs). Furthermore, it appears that not only semantic similarity (the angles between nonword and
word vectors) but also the Euclidean distance between these vectors plays a substantial role. Possibly, lexicality decisions are based, at least in part,
on whether the semantic distance of a nonword to
its nearest word neighbor is greater than some fixed
threshold.
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ABSTRACT
The current study examined the relationships between
the appreciation, perception, and production of
Québec French (QF) speech patterns by 58 Spanish
speakers of French as a second language (L2).
Participants completed a phoneme rating task,
listening to 32 short sentences featuring specific QF
speech patterns (affrication, nasalisation, high lax
vowels, apical /r/) and 32 matched sentences without
such patterns, and rating their exposure to,
appreciation of, and desire to adopt a similar
pronunciation using sliding scales. Finally,
participants repeated 16 sentences targeting QF
nasals, affrication, diphthongs and high lax vowels.
Results showed that although L2 learners were
more exposed to QF patterns, they obtained
extremely low scores at the repetition task and at the
identification of the speaker’s origin. The lack of
relationship among all variables highlights
participants’ negative attitudes towards QF and the
primacy of phonemic perception over production,
which have implications for the development of L2
pronunciation.
Keywords: Second language pronunciation, French,
speech perception and production, sociophonetics

individual identity in the L2 environment by deciding
to use or avoid phonological features that are specific
to a group of speakers that learners associate with
values and attributes, [2], [31], [32]. On the other
side, if learners’ preconceived (negative) ideas
towards a language variety persist, it is unlikely that
they will ever adopt such pronunciation norm and
increase their contact with the target language
speakers.
Scholars looking at language attitudes and
pronunciation, e.g. [9], [23], [32], almost exclusively
focused on L2 English, with a rare exception in L2
Spanish [34]. A great deal of research looking at
speakers’ attitudes towards the acquisition of L2
French has been conducted, consistently reporting
negative opinions towards the Québec French (QF)
speech variety, e.g. [3], [20], [21]. However, no study
has ever focused on the links between learners’
linguistic attitudes and their actual perception and
pronunciation of the target features. These are crucial
in that they complement measures of L2 speech
perception and production typically investigated from
a sociolinguistic perspective, [4]. In this line, the
current study examined the relationships between
non-native speakers’ appreciation, perception, and
production of QF speech patterns.

1. INTRODUCTION

2. NON-NATIVE SPEAKERS’ ATTITUDES
TOWARDS QUÉBEC FRENCH

The role of attitudes has been largely investigated in
social psychology examining, for instance, native
speakers’ attitudes towards speakers of a different
speech variety, e.g. [5], [12], foreign-accented
speakers, e.g. [16], [18], or members of diverse
ethnolinguistic groups in their respective language,
e.g. [24], [36]. From a second language (L2)
acquisition perspective, learners’ attitudes have
shown to be closely related to language attainment.
Regarding L2 pronunciation, learners’ judgments
and attitudes have shown to play a crucial role [32].
That is, L2 speakers with positive attitudes towards a
language variety, its speakers and culture are
predisposed to have more interactions with the target
language community and put more efforts in learning
(and using) that speech variety, [7], [15]. L2 speakers’
linguistic appropriation may help them express their

For decades, native QF speakers have developed
negative attitudes towards their own speech variety,
in favour of the French spoken in France (FF) [8].
More recent research also reported QF speakers’
negative opinion towards their so-called “bad
accent”, [21], [25], [30]. This linguistic insecurity
may have contributed to the development of L2
speakers’ positive attitudes towards the FF norm and
negative ones regarding the local variety. Studies
have shown that the attempts to persuade L2 French
learners that QF represents a legitimate variety to
learn and embrace in daily life without being
necessarily stigmatized or limited in their
professional opportunities have failed, e.g. [3], [26].
In fact, immigrants in L2 French classes still favour
the FF variety, [20], [21], considered (from their point
of view) as “international”, [3], [33], “standard”,
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“neutral”, “formal”, more comprehensible, and less
complicated to learn [19]. These stereotypes towards
the FF variety clearly show that the pronunciation
model students aim for represents an idealized and
imaginary norm [36].
Negative attitudes towards QF likely conceal a
fundamental issue, namely, that L2 learners of French
are unaware of actual differences between QF and FF.
For instance, they tend to confuse speech samples
produced in the QF and the FF varieties,
misidentifying formal registers of QF as FF, [3], [19].
Additionally, L2 learners of French are unaware of
what exactly conversational FF sounds like,
classifying spontaneous speech patterns that are usual
in FF (e.g., schwa deletion, consonant assimilation)
as belonging to QF [19]. Idiomatic expressions heard
on the street are also labelled as being specific to QF,
while these are also common in other Frenchspeaking countries [3]. These results thus confirm
that (from the perspective of the L2 learner) FF is the
desired variety to be learned in class, while QF
corresponds to the language of communication on the
street. Such attitudes, based on a lack of awareness
towards the QF variety, certainly have considerable
effects on L2 speakers’ success in learning the L2.
This idealized (and erroneous) view L2 learners have
of the sounds corresponding to each French variety
contributes to their negative attitudes and incapacity
to correctly identify the origin of a speaker which
“necessarily limit people’s ability to position
themselves psychologically within, or in opposition
to, local community norms” [38], thus enabling them
to opt for a model in L2 French.
With respect to L2 speakers’ awareness of
different varieties of French, studies have shown
possible causes for this lack of knowledge among
learners in Québec. In a qualitative study, [3] asked
L2 speakers of French about the aspects
differentiating the variety they hear on the streets in
Montréal and the variety being taught in class. The
majority of L2 participants mentioned the general
accent; only four of the 110 adults expressed
comments targeting specific aspects of QF, such as
affrication, and three of these participants referred to
/a/ vowel backings. Because QF speech patterns are
typically not addressed [13], [28] or barely mentioned
[3] in L2 French classes, it is not surprising that so
few L2 speakers noticed any segmental aspects
differentiating the language varieties heard in class
and on the street.
3. CURRENT STUDY
The purpose of the current study was to investigate
the relationships between L2 learners’ attitudes
towards the QF speech patterns, and their perception
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and production of these features. Regardless of the
debate about the primacy of phonemic perception
over the production of the sounds, e.g. [1], [14], it can
be argued that if L2 speakers misidentify the features
that belong to a less appreciated speech variety (or
don’t perceive them), they will erroneously develop a
negative opinion towards the speakers of that variety
and be deprived of L2 input, which is necessary for
language attainment. With these considerations in
mind, the current study adopted a sociolinguistic
perspective to answer to the following research
question: What are the links between L2 French
speakers’ appreciation, perception, and production of
specific phonetic features of QF? The overall aim of
this study was to understand the reasons underlying
L2 speakers’ negative (or positive) attitudes towards
the QF variety. To answer the research question,
learners rated their exposure to and appreciation of
each feature of QF and were asked to identify the
origin of the speaker as well as their desire to have the
same pronunciation. Their speech production was
assessed using a delayed sentence repetition task
targeting QF nasals, affrications, diphthongs and high
lax vowels. More details about the method are
presented in the following section.
4. METHOD
4.1. Participants

Fifty-eight Latin American speakers of L2 French (M
= 22; F = 36) were recruited for the current study.
They were born and raised in Colombia (n = 42),
Mexico (n = 6), Venezuela (n = 5), Peru (n = 2), Chile,
Guatemala, and Cuba (1 each). All participants (20–
66 years old, M = 36) started learning L2 French after
age 18 and had completed advanced L2 French
courses in either their home country or Canada. On
average, they had been living in the French-speaking
province of Québec for six years (range = 6 months–
22 years).
4.2. Instruments

4.2.1. Sociodemographic questionnaire
At the beginning of each individual meeting,
participants filled out an extensive questionnaire (37
questions) targeting their second language learning
experience, as well as their exposure to and
perception of the French varieties spoken in
Montréal.
4.2.2. Listening proficiency test
The second task consisted of a listening proficiency
test adapted from the Test d’évaluation de français

adapté au Québec (TEFAQ) from the Chambre de
commerce et d’industrie (CCI) de Paris, Île-de-France
[6]. Listed among the eight certifications recognized
by the Ministère de l’Immigration et des
Communautés culturelles du Québec, the TEFAQ
includes audio samples uttered in either QF or FF.
The online version, which contains a reduced number
of questions (n = 26), presents four sections targeting
different objectives. In section A (3 questions),
participants need to associate the right picture to the
different descriptions presented orally. Section B (10
questions) assesses L2 speakers’ ability to understand
short audio messages like radio announcements,
while longer messages showing different opinions are
presented in Section C (10 questions). Finally, the last
three questions (Section D) ask participants to
indicate whether the written sentences correspond to
those uttered by the speaker.
4.2.3. Phonemic rating task
The third task of this study consisted of a phonemic
rating task which includes a set of 32 short sentences
featuring specific QF speech patterns and 32 matched
sentences without such patterns. Two QF female
actors were recruited to create the speech stimuli
which included 32 five-syllable sentences. They
recorded both versions of the stimuli separately (i.e.,
with the QF feature and without the QF feature) for a
total of 64 sentences. Cross-splicing was used to
result in two sets of 32 speech stimuli phonetically
identical, except for the presence or absence of the QF
speech pattern.
Based on the 44 distinctive features reported to be
used by a majority of Québécois and/or perceived as
being characteristic of their speech variety [29], the
following features were included:
• Affrication of /t/ and /d/ in front of /i/ and /y/
([ts] and [dz], as in tu (you) and dix (ten));
• High lax vowels in closed syllables, except in
front of the continuant consonants /r/, /v/, /z/,
and /ʒ/ ([I], [U] and [Y], as in vite (fast), lune
(moon), and plume (feather));
• Anterior nasal vowels ([ã] instead of the FF
[ɑ̃], as in enfant (child));
• Apical /r/.
After listening to each speech stimulus,
participants had to indicate on three different 1,000point sliding scales how often they heard that
pronunciation, whether it was pleasant to hear, and if
they wanted to have the speaker’s pronunciation.
Participants also had to choose whether the speaker
came from France, Québec, or somewhere else.
4.2.4. Delayed sentence repetition task
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A delayed sentence repetition task was used to
measure L2 speakers’ production of QF phonemes.
Used in prior research to measure L2 segmental
accuracy [10], [11] as well as suprasegmental
accuracy [17], [37], this task allows for a direct
comparison of participants’ production. Compared to
a reading task, this elicitation procedure also offers
the advantage of enhancing more fluent speech, e.g.
[27], without relying on subjects’ reading ability [37]
or L2 decoding proficiency, e.g. [41], enhanced in the
presence of congruent L1 and L2 writing systems, as
in Spanish-French, see [22]. To avoid mimicry, a
three-second delay was introduced between the
presentation of the question (i.e., the prompt) and the
participant’s repetition of the response. An audio
signal (i.e., a chime) was added after that short pause
as a sign for the previously trained participant to start
repeating.
To create the speech stimuli of the sentence
repetition task, the same female actors recorded a list
of 16 pairs (i.e., question and response) in a QF
formal register. Eight pairs were used as distractors,
which means that none of them included a QF feature,
while the other eight pairs each presented two QF
features. The targeted features selected from a list of
44 distinctive QF speech patterns [29] were:
• Affrication of /t/ and /d/ in front of /i/ and /y/
([ts] and [dz], as in tu (you) and dix (ten));
• High lax vowels in closed syllables, except in
front of the continuant consonants /r/, /v/, /z/,
and /ʒ/ ([I], [U] and [Y], as in vite (fast), lune
(moon), and plume (feather));
• Nasal vowels ([ã] instead of the FF [ɑ̃], as in
enfant (child));
• Diphthongs produced in closed syllables (e.g.,
[paɛʁ] as in père (father)), also used to
indicate a semantic distinction between words
such as faites [fɛt] and fête [faɛt] or patte [pat]
and pâtes [pawt].
5. RESULTS
Preliminary analyses revealed that although L2
learners were more exposed to QF patterns, they
obtained extremely low scores at the repetition task
and at the identification of the speaker’s origin. The
lack of relationship among all variables highlights
participants’ negative attitudes towards QF and the
primacy of phonemic perception over production.
Results will be presented in relation to the
implications for L2 pronunciation development.
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ABSTRACT
Non-native listeners have more difficulty
understanding speech in noise than do native listeners,
but it remains unclear to what extent these difficulties
arise from early auditory or later linguistic processes.
The present study investigated this using EEG when
native English and Korean subjects listened to
English sentences in listening conditions that varied
the demands on peripheral and central processes
(single-talker and unintelligible babble). Speech
comprehension by non-native listeners was poorer
overall and was more adversely affected by noise than
that of native listeners. However, neural entrainment
to the speech envelope was greater for non-native
than native listeners, indicating greater attention to
acoustics, but was also more affected by noise.
Context-related differences in lexical processing
(N400 effect) were greater for native than non-native
listeners, and both groups had greater N400 effects
for single-talker maskers. The results demonstrate
that listeners vary in terms of how they modulate their
processing under difficult conditions.
Keywords: informational masking, second-language
speech processing, N400, cortical tracking of the
amplitude envelope of speech, EEG
1. INTRODUCTION
Speech perception in noisy environments is more
difficult for non-native listeners, and this likely arises
from multiple levels of processing. For example, nonnative speech perception difficulties may arise from a
pre-linguistic, auditory level, because one’s first
language experience alters their perceptual space [10,
11]. However, non-native listeners also have
phonological representations that are less precise, as
well as being less able to draw on other linguistic
information, such as lexical or semantic cues (e.g., [2,
15]). Furthermore, the cognitive load of adverse
listening conditions can add to the general speech
recognition difficulties that listeners have with nonnative speech (see [12] for a review).
Recent advances in EEG (electroencephalography)
have started to allow researchers to unpick these
levels of processing in relatively naturalistic speech
tasks. For example, auditory processing can be
assessed in terms of the entrainment of the neural
signal to the speech amplitude envelope (e.g., [1, 14]).
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Entrainment to the speech envelope can decrease
when the amount of spectral detail in the speech
signal is reduced (e.g., [8, 18]) and has sometimes
been shown to have a positive relationship with
speech comprehension (e.g., [18]). More traditional
EEG measures, such as N400, can be used to
simultaneously assess lexical processing. N400 is
associated with the ease of lexical access (e.g., [19])
or the ease of semantic integration of the word with
its preceding context (e.g., [3]). Previous N400
studies have shown that lexical processing can be
hindered by acoustic degradation or background
noise [5, 16].
A previous study used these measures to compare
native and non-native speech processing, under a
condition in which listeners attended to a target talker
played simultaneously with a single-talker distractor
[21]. One could expect that non-native listeners
would be worse at tracking the speech envelope of a
target talker given that their perceptual and linguistic
representations are less well tuned to that language
(e.g., rhythm or syllable structure), but the results
indicated that they actually tracked the target talker
better. It is likely that this task required more focused
attention for them to perform, relative to native
speakers, and that this increased attention modulated
their auditory processing. In contrast, native speakers
were able to modulate their lexical processing for L2accented speech and had greater N400 differences
depending on the predictability of the sentences.
The aim of the present study was to investigate
these issues further under various listening conditions
that place differential demands on the peripheral and
central processing. That is, this study examined
speech recognition in the presence of single-talker
and unintelligible babble maskers, using the same
neural and behavioural measures as the previous
study [21]. Babble would be expected to primarily
involve energetic masking (EM; reduced audibility of
the target speech sounds at the periphery [4]).
However, single-talker distractors involve more
informational masking (IM; e.g., segregation of the
target speech from competing streams and the
linguistic interference from the masker; [9, 20]). IM
likely places greater demands on attentional and
cognitive resources. In addition, spatial cues were
manipulated in the present study (i.e., the spatial
separation between target and masker), to examine
the ability to focus attention to particular locations.

The present study recorded EEG when native
English and Korean subjects listened to English
sentences in the presence of a single-talker and an
unintelligible babble noise. The masker was colocated with the target straight ahead or located 45°
away from the target. Listeners were asked to press a
button whenever they heard a semantically
anomalous sentence, and the accuracy of this
response was used as a measure of their speech
comprehension performance.
2. METHODS
2.1. Subjects

Twenty-four monolingual native speakers of British
English and Korean (12 each) participated in the EEG
experiment. They were adults under the age of 35
(mean age: English - 23.8, Korean - 29.1) with no
self-reported hearing or language impairments, and
were all right-handed. The Korean subjects were
second-language speakers of English who had started
learning English at 12 years old on average and had
lived in English-speaking countries for an average of
20 months as adults.
2.2. Materials

English sentences were recorded by a female native
speaker of Standard Southern British English. The
sentences had different levels of final-word cloze
probability to allow for measurement of the N400
response [22]; high cloze probability sentences
consisted of highly constraining sentence contexts
followed by congruent final words (e.g., There are
three pictures hanging on the wall.); low cloze
probability sentences were neutral sentences (e.g.,
There are many dirty marks on the wall);
semantically anomalous sentences consisted of
highly constraining sentence contexts followed by
incongruent final words (e.g., There are three
pictures hanging on the pain).
English stories read by the same female speaker
were used as the single-talker masker. The babble
masker was created by combining twelve recordings
from the same talker together. In the no-masker
condition, the sentences were presented without any
noise. To manipulate spatial cues, the targets and
maskers were processed with head-related transfer
functions, simulating the auditory effects of locating
talkers straight ahead (0°) or 45° towards the left ear.
The target signal was always presented at 0° and the
noise was either at the same location or placed 45° to
the left. In order to equalise intelligibility between the
two conditions, a signal-to-noise-ratio (SNR) of 3dB
was used for the co-located condition, whereas -7dB
was used for the 45° separation condition. The noise
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level was higher for the spatially separated masker
because this condition would otherwise be much
easier.
2.3. Procedure

Subjects were instructed to pay attention to individual
target sentences and ignore continuous stories (i.e.,
single-talker noise) or babble noise in the background.
They were also asked to press a button whenever they
heard a semantically anomalous sentence. The
experiment consisted of 10 blocks (2 blocks * 5
conditions) with each lasting approximately 4
minutes. The order of the blocks was randomised for
each subject.
2.4. EEG recording and analysis

EEG was recorded with a Biosemi Active Two
System with 64 electrodes (Ag/AgCl) mounted on an
elastic cap and 7 external electrodes (nose, left and
right mastoids, two vertical and horizontal EOG
electrodes), with a sampling rate of 2048Hz.
Electrode impedances were kept between ±25kΩ.
Preprocessing of the EEG recordings was
performed offline in Matlab; they were re-referenced
to the average of left and right mastoids and high-pass
filtered at 0.1Hz. The EEG data for the N400 analysis
was also low-pass filtered at 40 Hz. Noisy channels
were interpolated. In order to correct for eye artefacts,
an independent component analysis (ICA) was used.
All preprocessing was conducted using the Fieldtrip
toolbox [17], except for filtering which used the
ERPlab toolbox [16] of EEGlab [7].
2.4.1. Coherence Analysis
Cortical entrainment to the amplitude envelope of
speech was measured using a stimulus reconstruction
method; the Multivariate Temporal Response
Functions [6] were generated in backward models
that related the EEG data from each subject back to
the Hilbert envelopes of the sentences that they
listened to. The degree of phase coherence was
computed as a function of frequency (0.5 Hz
resolution) between the predicted amplitude
envelopes from the EEG data via this model and the
original envelopes of the stimuli, which assessed how
much the EEG signals were phase-locked to the
amplitude envelopes of the target speech.
2.4.2. N400 analysis
The EEG data were segmented into epochs that were
timed-locked to the onset of each final word. Trials
were rejected if the amplitude was not within the
range of ±150μV. N400 amplitudes were calculated

by subtracting the baseline average over the 200 ms
pre-stimulus interval from the post-stimulus interval
and averaging the amplitude in the 300-500 ms
window. N400 amplitudes were averaged across five
midline electrodes (Fz, FCz, Cz, CPz & Pz).
3. RESULTS
As displayed in Fig. 1, Korean subjects were poorer
at detecting anomalous sentences than were English
subjects overall, and their performance was more
adversely affected by noise. A logistic mixed-model
analysis was conducted with listener group and
masker type (i.e., no masker, single-talker masker,
and babble masker) as independent variables and with
button response (correct vs. incorrect) as the
dependent variable. Each subject and sentence
stimulus were added to the model as random
intercepts. Significance of fixed effects was evaluated
by comparing two nested models with and without
each factor in all mixed-model analyses of this paper.
The results confirmed that the interaction of listener
group and masker type was significant, χ2(2) = 21.25,
p < 0.001. Specifically, the difference in performance
between the no-masker and other conditions was
significantly larger for Korean listeners than for
English listeners, b = - 0.80, z = -3.4, p < 0.001, and
so was the difference between the single-talker and
babble noise condition, b = - 0.71, z = -3.31, p < 0.001.
There were also significant main effects of listener
group, χ 2(1) = 25.57, p < 0.001, and masker type, χ
2
(2) = 9.36, p = 0.009.

interaction of listener group and masker type was
significant, χ2(2) = 16.07, p < 0.001. Specifically, the
difference in coherence between the no-masker and
noise conditions was greater for Korean than for
English listeners, b = - 0.0035, t(92) = - 3.89, p <
0.001. The main effect of masker type was significant,
χ2(2) = 28.82, p < 0.001, but the main effect of listener
group was not, p = 0.106.
To examine the effect of spatial separation on
target speech tracking, an additional mixed-model
analysis was performed only for the noise conditions.
The main effect of spatial cues was significant, χ2(1)
= 8.79, p = 0.003. Target-speech entrainment was
higher when the target and masker were co-located,
likely because a higher SNR was used for this
condition. The main effect of listener group or the
interaction of the two variables was not significant, p
> 0.05.
Figure 2: Plots showing coherence values as a
function of frequency by listener group and noise
condition

Figure 1: Boxplots showing the proportions of
correct identification of anomalous sentences by
listener group and noise condition

As shown in Fig. 2, Korean listeners had greater
entrainment to the amplitude envelopes of target
talkers than did English listeners in the no-masker
condition. However, entrainment by Korean listeners
decreased substantially when there was background
noise. A mixed-model analysis was performed on the
coherence results; coherence values averaged in the
delta-theta range (2-8Hz) were used as the dependent
variable, listener group and masker type as
independent variables, and each subject as a random
intercept. The results demonstrated that the
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A mixed-model analysis was also conducted with
N400 amplitudes as the dependent variable, sentence
type (high vs. low cloze probability), listener group,
and masker type as independent variables, and with
by-subject random intercepts. The N400 amplitude
was larger (i.e., more negative) for low than high
cloze probability sentences as shown in Fig. 3,
indicating greater effort for lexical processing when
words were less predictable. However, this contextrelated N400 difference (i.e., N400 effect) was
smaller for Korean than English listeners. There were
a significant interaction of sentence type and listener
group, χ2(1) = 11.66, p < 0.001, and a main effect of
sentence type, χ2(1) = 43.89, p < 0.001. In addition,
there was a significant interaction of masker type and

sentence type, χ2(2) = 9.37, p = 0.009; the N400
difference between high and low cloze probability
sentences was significantly greater when sentences
were presented in the single-talker noise than in the
unintelligible babble noise, b = -1.39, t(210) = - 3.049,
p = 0.0026. The main effects of listener group and
masker type and other interactions were not
significant, p > 0.05.
Figure 3: Grand average ERP waveforms to
sentence-final words by listener group, sentence
type (HP: high cloze probability sentences, LP: low
cloze probability sentences), and noise condition.

speech tracking likely resulted from non-native
listeners having poor representations of the acoustic
input at a peripheral level or by difficulties in
selecting and attending to target speech signals. Even
though non-native listeners can use additional
attentional mechanisms to enhance entrainment in
difficult listening conditions, it appears that this can
break down more rapidly when their recognition is
overwhelmed by the additional demands of the
background noise.
The results also suggested that both groups of
listeners relied more on lexical processing when the
distractor involved greater informational masking. In
general, a larger N400 indicates greater effort in the
lexical access process, and a greater N400 difference
between high- and low-predictability words indicates
greater use of context. These N400 effects were larger
when the distractor involved informational masking
(i.e., single talker) than when subjects heard a
constant babble. It thus appears that listeners
modulated their lexical processing to overcome the
effect of single-talker maskers, by searching lexical
candidates more carefully or increasing reliance on
semantic cues to aid lexical access. Moreover, this
strategy was available to non-native listeners, despite
the fact that their degree of lexical processing was
lower overall.
This study thus demonstrates that speech
recognition in noise is a complex process, in which
listeners are able to modulate attention to the acoustic
signal and the amount of lexical processing,
dependent both on the demands of the listening
conditions and the language experience of the
listeners.
5. REFERENCES

4. DISCUSSION
The present study demonstrated that listeners
differ in the ways they modulate their processing in
difficult conditions. Target-talker entrainment by
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ABSTRACT
The Speech Learning Model (SLM) [3] posits that
accurate perception facilitates accurate production in
second language (L2) speech learning. Although
studies indicate that the two domains are correlated,
precisely when and how they become aligned over
time merits further attention. The present study
therefore investigated relationships among the
perception, imitation, and production of L2 Spanish
stops.
Thirty L1 English university students participated
over their first two semesters of Spanish language
coursework. In monthly sessions, they completed an
oddity task, delayed word repetition, and picture
description. Perception was operationalized as A’,
imitation as voice onset time (VOT) in word-initial
stops on the repetition task, and production as VOT
in word-initial stops on the picture description task.
Separate mixed-effects models were fit to L2 /b/ and
/p/ data. Perception and imitation did not predict
VOT in L2 /p/, but imitation was a significant
predictor of prevoicing in L2 /b/.
Keywords: perception-production link; second
language learning; longitudinal; Spanish
1. INTRODUCTION
Current theoretical models of L2 speech learning
such as the SLM [3] argue that accurate perception
guides accurate production. According to the SLM,
if L2 learners detect the difference between native
(L1) and target language sounds that are similar but
not identical, then they should be able to create a
new phonetic category, leading to accurate L2
production. In contrast, if learners equate the two
sounds, associating the L2 sound with the L1
category, then over time, they will converge
phonetically under the shared category. The
likelihood of learners detecting L1-L2 differences is
tied to age of onset, which represents the degree to
which the perceptual system has become attuned to
the L1. Thus, even though phonetic learning remains
possible across the lifespan, adult learners may
struggle to perceive and produce differences
between cross-linguistically similar sounds. Many
cross-sectional [5, 6] and training [10, 17] studies
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have shown a relationship between the two domains,
but perception-production correlations often fall in
the weak to moderate range, and null results are not
uncommon [8]. Given the SLM hypothesis that with
time and L2 experience learners may discern
differences between similar sounds, which could
then lead to more accurate production, more
longitudinal work investigating when and how
perception and production become aligned [12] is
needed.
Relatedly, even though studies have provided
insight into how discrimination and identification of
L2 sounds potentially shape production, there is a
need to examine other skills that could underlie the
perception-production link. For example, Simulation
Theory (ST) [7] contends that listeners anticipate
upcoming speech gestures through covert imitation,
recalibrating the perception-production system if
predicted and observed input do not match one
another. According to this perspective, imitation
could be an important bridge between perception
and production, especially if better imitators show
greater flexibility in articulatory skills and phonetic
categories [14]. Given this hypothesis and the fact
that at least in some instances accurate perception
seems to be necessary but not sufficient in and of
itself to promote accurate production [16], it would
be advantageous to investigate the role imitation
plays in the perception-production link. Addressing
the need for more longitudinal research including a
variety of perception and imitation tasks that could
lead to more accurate speech production, this
exploratory study reports on L1 English speakers’
perception, imitation, and production of L2 Spanish
stops over two semesters of introductory Spanish
language coursework.
Following the SLM, English and Spanish stops
can be classified as similar sounds. English voiceless
stops are aspirated in word-initial position, but
Spanish stops are not. VOT values for English /p, t,
k/ are in the 30–60 ms range, whereas values of 10–
30 ms are common for Spanish. English voiced stops
are variably realized with prevoicing or with a short
delay in voicing similar to Spanish voiceless stops.
In contrast, Spanish voiced stops are prevoiced [15].
Thus, English speakers need to learn to discriminate
voiced and voiceless unaspirated stops (e.g., [b] vs.
[p]), to produce phonologically voiced stops with

prevoicing, and to produce phonologically voiceless
stops with the shorter VOTs typical of Spanish.
2. METHOD
This study took place over one calendar year while
students were enrolled in the first two semesters of
university Spanish coursework. Thirty-seven
participants were recruited from a first-semester
course and invited to participate in monthly sessions
over the 8-month academic year. The first meeting
was a practice session, allowing participants to
become familiar with the experimental tasks.
Therefore, data from this session was not analyzed.
Three participants were excluded because they were
not L1 English speakers, and one participant was
excluded because he became aware of the purpose of
the study during data collection. Additionally, three
participants did not return after session 0.
2.1. Participants
Thirty participants (22 females) returned for session
0, the first session after the practice session. All
participants were L1 English speakers who had
learned Spanish through classroom instruction. The
mean age of onset was 13.07 (SD = 4.31) years, and
participants reported an average of 1.68 (SD = 1.71)
years of Spanish instruction in secondary school.
None of the participants had spent time in a Spanishspeaking country for the purpose of language
learning. Sample size decreased over the study (cf.
Table 1) because participants decided to withdraw
from their Spanish course, declined to enroll in the
second-semester course, or withdrew from the study.
2.2. Tasks
Participants completed a battery of perception,
production, and individual difference tasks at each
hour-long session. This report focuses on the oddity,
delayed repetition, and picture description tasks.
Participants completed the picture description first
using a PowerPoint file, followed by the delayed
repetition and oddity tasks, both of which were
presented using SuperLab 5.0 software.
Eight versions of each task were created, and
versions were randomized across sessions such that
each participant received a unique version at each
session. Individual data collection sessions took
place in a sound-treated room, and a dynamic, headmounted microphone was used for recording.
2.2.1. Picture Description
Eight PowerPoint image sets were compiled for this
task. Each set consisted of five images depicting an
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action, such as a man fishing at the beach. Images
were selected to elicit words beginning with /b/ and
/p/ while keeping in mind the basic vocabulary with
which participants were familiar (e.g., bailar, ‘to
dance,’ pescar, ‘to fish’). Up to four keywords or
phrases were included on each image. Participants
had up to 20 seconds to look over each image before
describing it, but they were not allowed to script a
response. If they were unable to produce a response,
they were instructed to read the words appearing on
the image aloud. In practice, only a few individuals
took advantage of this option at the first session.
2.2.2. Delayed Word Repetition
Delayed word repetition was used to evaluate
participants’ ability to imitate prevoicing in Spanish
/b/ and short-lag VOT in Spanish /p/. On each trial,
they heard a target verb in Spanish and repeated it as
accurately as possible after a three-second delay.
There were 10 target verbs, five each for word-initial
/b/ and /p/, and five distractors, all of which were
drawn from participants’ introductory textbook.
Verbs were conjugated in the present tense in the
first or second person singular to mimic the textbook
exercises that participants completed as part of daily
assignments. Stimuli were recorded by a male native
speaker (NS) of Argentinian Spanish.
2.2.3. Oddity Task
An oddity task [4] was used to evaluate participants’
perception of three target contrasts: [b]-[p], [p]-[ph],
and [b]-[ph]. On each trial, participants heard a
triplet (e.g., [ba]1-[ba]2-[pa]) with tokens separated
by a 1.3 second interstimulus interval, and had to
indicate the position of the odd item by pressing ‘1,’
‘2,’ or ‘3’ on the keyboard, or the ‘N’ key for same
trials (e.g., [ba]1-[ba]2-[ba]3). Twelve triplets were
included per contrast, six odd trials and six same
trials. The position of the odd item was
counterbalanced, appearing twice in each position.
Two male speakers, one a NS of Argentinian
Spanish with nativelike proficiency in English (the
same speaker who recorded stimuli for the delayed
repetition task) and the other, a NS of American
English with nativelike proficiency in Spanish,
recorded the stimuli for the task. Stimuli from a
single speaker were combined to form each trial, but
an equal number of trials was compiled for each
speaker to prevent participants from becoming
attuned to the speech of a single individual. The
stimuli included in each triplet were acoustically
distinct, such that even on same trials, participants
heard three different renditions of the target syllable.

Three additional contrasts ([sa]-[se], [ma]-[na], and
[ʝe]-[le]) were included as distractors.
2.3. Coding
A’ scores were computed for the target contrasts on
the oddity task for each participant at each session.
A’ is the nonparametric extension of d’, a signal
detection theory measure of contrast sensitivity that
takes into account response bias.
For the target words on the delayed repetition
task, VOT was labelled in Praat version 5.4.08 [2]
and extracted using a script. Positive VOT was
coded from the release burst of the stop to the onset
of voicing in the following segment. Negative VOT
(prevoicing) was coded from the onset of low
frequency periodic energy during stop closure to the
release burst.
For the picture description, audio files were
transcribed, and a forced aligner was used to
generate an initial text grid of the speech. Errors in
the text grids were adjusted by hand, and VOT was
labelled and extracted for /b/- and /p/-initial words
following the conventions outlined above. Word
duration was also measured to control for potential
relationships between speech rate and VOT.

3.2. Performance on delayed repetition over time
At session 0 participants imitated /b/ targets with an
average VOT of –32.99 ms (SE = 9.18, p < .001),
and their VOT production decreased significantly
over the first semester (estimate = –6.65, SE = 2.72,
p = .01). This finding indicates that participants
imitated /b/ targets with increasingly Spanish-like
VOT over their first semester of intensive Spanish
language instruction.
Participants’ imitation of VOT in L2 /p/ was
stable across the study (intercept = 28.37, SE = 5.59,
p < .001). Although modeling demonstrates that
there was no group-level change, mean VOT varied
substantially among participants, from a minimum
of –7 ms to a maximum of 55 ms.
3.3. Performance on picture description over time
Participants’ picture description data at each session
was analyzed only if they produced at least three
tokens for the target phone. As summarized in Table
1, most participants did so for word-initial /p/, but
word-initial /b/ production was more variable.
Table 1: Sample size for picture description by
target phone at each session.

3. RESULTS
Session
Total n
/b/ n
/p/ n

Mixed-effects models were fit to A’ (oddity), VOT
imitation for /b/ and /p/ (delayed repetition), and
VOT production for /b/ and /p/ (picture description).
All models were fit in R [13] using the lme4
package [1]. In each case, data was plotted and
inspected, and this visualization process guided the
selection of unconditional growth models: piecewise
growth models estimating separate slopes over the
first (sessions 0–2) and second (sessions 3–6)
semesters for the oddity and repetition data, and
linear models for the picture description data. Fixed
effects were backward-tested and random effects
forward-tested by performing a chi-square test on
the change in deviance statistics of nested models.

0
30
25
29

1
30
24
29

2
27
24
26

3
24
15
23

4
23
11
22

5
21
9
21

6
17
11
17

3.3.1. VOT in L2 /b/

3.1. Performance on oddity task over time
Participants’ discrimination of [b]-[ph], the control
contrast, was near ceiling for the duration of the
study. Overall, they discriminated [p]-[ph] (estimate
= .11, SE = .02, p < .001) more accurately than [b][p] (intercept = .61, SE = .06, p < .001), and
perception of both contrasts improved significantly
over the first semester (estimate = .07, SE = .03, p =
.02).
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Figure 1 plots mean VOT in L2 /b/ for the group
(bold red line) against individual trajectories (thin
lines) over time. Despite minor fluctuations in rate
of change, the overall growth pattern is linear. Thus,
a linear growth model was fit to the L2 /b/ data.
Session, A’ for [b]-[p], and mean VOT imitation for
L2 /b/ on the delayed repetition task were included
as fixed effects. Age of onset, previous experience,
and word duration were grand-mean centered and
integrated as control covariates. By-participant and
by-word random intercepts were included. Byparticipant random slopes for session were evaluated
but did not improve fit (χ2(2) = 2.04, p = .36).
Participants’ average VOT production on /b/initial picture description words was 12.63 ms (SE =
9.72, p = .20) at session 0. The fixed effect for
session (estimate = –4.36, SE = .1.54, p = .005) was
significant, demonstrating that participants produced
progressively shorter, more Spanish-like VOT
values over time. The mean VOT imitation predictor
also reached significance (estimate = .25, SE = .07, p
< .001). The positive coefficient shows that

participants who prevoiced /b/ targets on the
imitation task (participants who produced /b/ targets
with negative VOT) produced a greater amount of
prevoicing, or more negative VOT values, on the
picture description task. In contrast, A’ for [b]-[p]
was not a significant predictor of VOT for L2 /b/
(estimate = .92, SE = 11.94, p = .94).
Figure 1: VOT in L2 /b/ over time.

3.3.2. VOT in L2 /p/
Figure 2 plots mean VOT in L2 /p/ on the picture
description task. Modeling followed the procedure
outlined above. Participants produced an average
VOT of 70.84 ms (SE = 6.82, p < .001) at session 0.
As Figure 2 suggests, there was no significant
group-level change in VOT over time (estimate = –
.28, SE = .65, p = .67). Moreover, neither A’ for [p][ph] (estimate = 1.23, SE = 6.14, p = .84) nor mean
VOT imitation (estimate = –.06, SE = .06, p = .33)
were significantly related to VOT in L2 /p/.
Figure 2: VOT in L2 /p/ over time.

4. DISCUSSION
Contradicting a simple view of the perceptionproduction link, findings demonstrate that
sensitivity to the Spanish [b]-[p] contrast was not
significantly related to the acquisition of
prevoicing in L2 /b/. Research has yet to establish
precisely what level of perceptual accuracy is
needed before production can improve. Thus, it
could be that learners had already established
sufficiently robust perceptual representations,
laying the groundwork for improvement at a later
stage. This would be compatible with a
longitudinal view of the perception-production
link in which production accuracy lags behind
perception [12]. In contrast to the null result for
the perception (oddity) measure, imitation was
significantly related to prevoicing production in
L2 /b/. This finding lends support to Simulation
Theory [7] insofar as individual variation in the
ability to reproduce L2 articulatory gestures and
their timing relations seems to be an additional
skill that underlies accurate L2 sound production.
Although sensitivity to [p]-[ph] improved over
the study, imitation and production of Spanish /p/
did not; instead, learners consistently produced
longer, English-like VOT. These differing results
for L2 /b/ and /p/ may be due to the functional
load of the features [11]. On the one hand,
acquiring prevoicing for L2 /b/ could be viewed
as more communicatively urgent than reducing
aspiration in L2 /p/, since producing voiceless
unaspirated stops for phonologically voiced stops
in Spanish (e.g., realizing /b/ as [p]) could
partially neutralize the voicing contrast. This
neutralization might then to intelligibility issues.
On the other hand, producing aspirated variants
for L2 /p/ (e.g., realizing /p/ as [ph]) would likely
not have the same communicative cost, even
though it would contribute to foreign accent [18].
In light of these preliminary findings, future work
should continue to examine the temporal
properties of individual differences [9] and their
relationship to L2 speech production over time.
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ABSTRACT
Despite the longstanding use of accent ratings in the
literature, factors affecting those ratings have been
relatively underexamined. Although accent ratings
are often assumed to be stable properties of talkers,
some factors like modality and task order have been
shown to influence ratings. The present study asks
how susceptible accent ratings are to contextual
effects, particularly those arising from the ordering of
talkers within the rating task.
Sixty-two listeners rated the accentedness of six
talkers’ English productions of a short read passage.
We examine whether ratings of one L1-Chinese
talker change across orderings. Results indicate that
the target talker was rated as more accented
when presented first than last, and that participants’
ratings of the target were less consistent after being
exposed to other talkers first. Talker order impacted
accent ratings enough to change the rank ordering of
non-native
talkers’
accentedness,
raising
methodological and theoretical implications.
Keywords: Accentedness, accent rating, non-native
speech, speech perception
1. INTRODUCTION
Accent ratings are frequently used in the literature as
a measure of a talker’s proficiency, and as an
independent verification of the relative proficiency of
various talkers within an experiment (e.g., a “high
accentedness” vs. “low accentedness” talker).
However, despite the longstanding use of
accentedness in these ways, factors affecting accent
ratings are relatively underexamined.
A primary goal of accent rating tasks in the
literature is to use a group of listeners’ accent ratings
from a single or small number of speech samples to
represent a talker’s level of accentedness, typically
without consideration of factors like whether
listeners’ ratings may change during the course of the
task. In this way, accentedness is implicitly assumed
to be a stable property of a talker. However, several
factors have been shown to impact accent ratings. For
example, presentation modality of the stimuli (audio
vs. audiovisual, [9]), the presence or absence of
orthography [3], and other tasks being performed
(e.g., multiple responses to a single stimulus [5];

1253

multiple exposures to a single stimulus [4]) have been
found to influence accent ratings. And, accent ratings
have been shown to have poor interrater reliability
[7]. Beyond task-based context, listeners’
expectations about the speaker can also affect accent
ratings [6]. Given these results, it seems clear that
accent ratings are context-dependent, and may be
affected by factors like the design of the task, the
listeners, the speech samples used, and other
considerations.
In the present study, we investigate one small
piece of this question, and ask how susceptible accent
ratings are to the order in which a target talker is
presented to listeners. We present a non-native target
talker either first or last among a series of native and
non-native talkers, and investigate whether accent
ratings significantly shift as a function of presentation
order.
How could talker order affect accent ratings of a
target non-native talker? It may be that it is listeners’
implicit comparisons between talkers that matters; for
example, if listeners incorporate native speakers into
their accent rating scale, higher accent ratings might
be assigned to a non-native target talker if heard last
compared to if heard first. Or, it may be that there is
a general task effect, with accent ratings increasing or
decreasing over the course of the experiment, as
suggested by [2] in a different domain. In terms of
variability, if the target talker is presented last,
participants may use the initial talkers to calibrate
their rating scale in a consistent way, showing less
variation in ratings than if presented first.
Alternatively, participants’ calibrations of the target
to other talkers may not be systematic, resulting in
greater variation in ratings of the target when
presented last than when presented first. Regardless
of directionality or its underlying cause, if accent
ratings do shift depending on talker order, this
indicates that talker order is a part of the contextual
information that listeners factor into their assessments
of talkers’ accentedness.
2. METHOD
2.1. Participants
Participants were 62 listeners who were students at
University of Oregon and received partial course
credit for their time. All participants were either

2.2. Stimuli
Participants heard six male talkers from the
ALLSSTAR corpus [1] produce the “North Wind and
the Sun” paragraph in English. Talkers included four
native Mandarin speakers (talkers 05, 21, 32, 35) and
two native speakers of American English (talkers 50,
53). One native Mandarin speaker (talker 35) was
chosen at random to be the target talker.
2.3. Procedure

overall. The target talker also shows relatively low
variability in accent ratings, potentially because, by
design, the target talker’s order of presentation was
less varied across conditions than all other talkers
(discussed more below).
Figure 1: Raw accent ratings for all talkers across
conditions. Non-native English speakers = dark
blue, native speakers = light blue. Target = 35.
9
8
Accent rating

native speakers of English (N = 60), or learned
English at a young age (under 7, N = 2). No
participants reported having uncorrected hearing loss.

●

7
6
5
4
●

3

●

2

2.4. Analysis
Accent ratings were converted to z-scores on a byparticipant basis to normalize for the range of values
used by individual listeners.
3. RESULTS
To situate the target talker alongside the other five
talkers as rated by listeners, Figure 1 presents a box
plot of by-subject means of raw accent ratings for
each of the talkers. Collapsing across all 10
conditions (Target First vs. Target Last x 5 talker
randomization orders), the target talker (35) was rated
as the second most accented talker in the study
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50

53

Talker

3.1. Target talker accent ratings when heard first
versus last
Turning to our main question of interest, whether
ratings of the target talker differed according to
whether his sample was presented first or last, Figure
2 compares by-subject means of z-scored accent
ratings for the Target Talker First and Target Talker
Last conditions. Examining this figure, it is clear that
participants in the Target Talker First condition (M =
0.79, SD = 0.35) reported the target talker as being
more accented than listeners in the Target Talker Last
(M = 0.54, SD = 0.40) condition. An ANOVA
supports the observation that participants in these two
conditions rated the talker differently, F(1, 60) =
7.239, p = 0.009, 𝜂"# = 0.108.
Figure 2: Z-scored accent ratings for the target
talker across conditions.
1.5
Accent rating (z−scored)
of target talker

Each participant listened to each of the six talkers
read the “North Wind and the Sun” paragraph using a
custom online presentation interface. Participants
were requested to wear headphones. After each
passage, listeners were asked to rate each talker’s
accentedness on a scale of 1 to 9, where 1
corresponded to “no accent” and 9 corresponded to
“very strong accent”. Participants could listen to each
talker’s reading passage only one time, but could
adjust their rating before submitting it.
Participants were assigned to one of two
conditions: Target Talker First or Target Talker Last,
where the randomly chosen native Mandarin talker
was presented either first or last among the six talkers,
respectively. Thirty-one listeners were assigned to
each condition. Within each condition, participants
were assigned to a further randomization
subcondition, which counterbalanced the order of the
other five talkers (N = 5 or 6 per randomization
order).
After the experiment, participants answered a
series of demographic questions, as well as some
questions about their reported experience with
foreign-accented English (which is not discussed
further in this paper for sake of space).

●

1.0

0.5

0.0

TargetFirst
TargetLast
Condition

Interestingly, examining Figure 2 and the standard
deviations reported above, not only do listeners in the
Target Talker Last condition rate the target talker as
less accented, but ratings of the target talker across
listeners are also more variable when the target is last
than when the target is first.
3.2. Target accent ratings by preceding talker
order

Table 1: Serial position of talkers for each
randomization order in Target Talker Last condition.
Light grey = native speakers (N), unshaded = nontarget non-native speakers (NN), dark grey = target.
Order

First

Second

Third

Fourth

Fifth

Sixth

1

50
(N)
53
(N)
32
(NN)
21
(NN)
05
(NN)

53
(N)
32
(NN)
05
(NN)
50
(N)
21
(NN)

32
(NN)
50
(N)
21
(NN)
05
(NN)
53
(N)

21
(NN)
05
(NN)
50
(N)
53
(N)
32
(NN)

05
(NN)
21
(NN)
53
(N)
32
(NN)
50
(N)

35
(NN)
35
(NN)
35
(NN)
35
(NN)
35
(NN)

2
3
4
5

To examine the possibility that the specific talker
sequence preceding the target talker affected accent
ratings, Figure 3 presents by-subject means of zscored accent ratings in the Target Talker Last
condition as a function of the five randomization
orders of preceding talkers given in Table 1.

Accent rating (z−scored)
of target talker

Figure 3: Z-scored accent ratings for the target talker
according to preceding talker orders in Target Talker
Last condition, corresponding to order numbers given
in Table 1. Light blue = native speaker immediately
preceding target, dark blue = non-native speaker.
1

0

3.3. Accent ratings across talkers by serial
position
If randomization order of preceding talkers is not
straightforwardly responsible, what else may be
contributing to the observed difference between
accent ratings of the target talker in the Target Talker
First and Target Talker Last conditions? One
possibility is that there are general task effects, where
participants become systematically more or less
tolerant, rating all talkers as more or less accented as
the experiment progresses. In order to test this
possibility, we also examined the accent ratings of all
talkers who were not the target talker, as a function of
when in the experiment their recording was heard
(i.e., their serial position, first-sixth). As our main
result showed (displayed in Figure 2), the target talker
was rated as less accented when heard last (sixth) than
when heard first; we ask now whether there is
evidence that other talkers were also rated as less
accented later in the experiment. In this analysis we
compare non-target talkers with each other, and not
with the target talker, since each non-target talker was
heard in each of the serial positions in the same
number of conditions. (That is, each non-target talker
was first in 1 out of 10 conditions, last in 1 out of 10
conditions, and second, third, fourth, and fifth in 2 out
of 10 conditions, whereas the target talker occupied
the first and final positions for half the conditions.)
Figure 4 shows the five non-target talkers’ average
accent ratings according to when in the experiment
they were heard (averaged across all 10 conditions).
Figure 4: Z-scored accent ratings for non-target
talkers according to serial position in experiment.
1

0

−1

−2

−1

−2

significant effect of randomization order (F(4, 26) =
1.045, p = 0.403).

Accent rating (z−scored)
across all non−target talkers

It is possible that the increased variability and
lowered ratings in the Target Talker Last condition
are a function of the specific ordering of talkers
leading up to the target talker. Thus, we examine
accent ratings within the Target Talker Last condition
by randomization order. As described above and
shown in Table 1, there were 5 possible
randomization orders of talkers in the Target Talker
Last condition (rows #1-5). One might expect that
whether the talker immediately preceding the target
was a native speaker or not may matter most; note that
in randomization orders #3 and 5 in this condition, a
native speaker was presented immediately before the
target talker (in fifth position), and orders #1, 2, and
4 had a non-native talker in that position.

1
2
3
4
5
6
Serial position of trial in experiment

1
2
3
4
5
Preceding talker randomization order

Examining the plot, no clear patterns emerge, even
when considering whether the talker immediately
preceding the target talker was a native or non-native
speaker. An ANOVA of accent ratings of the target in
the Target Talker Last condition confirms no
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The pattern evident in the figure is supported by
statistical tests. For instance, a linear mixed effects
model with random intercepts for talker and for
listener confirmed an effect of serial position (coded
as a factor) on accent rating (χ2 = 22.157, p < 0.0005),
and post hoc tests confirm that items rated in every
serial position after the first were rated as
significantly less accented than those heard first. In
other words, regardless of talker, the item heard first

tended to be rated as more accented compared to
those heard later in the experiment. Thus, it may be
that at least part of the order effects observed for the
target talker are due to this overall task effect, where
listeners tend to penalize the first item the most.
3.4. Effect of talker order on accentedness
rankings of all talkers
Whether the observed order effects are due to
listeners’ apparent tendency to become more tolerant
after the first item, or whether they arise from implicit
comparisons between preceding talkers that we have
not uncovered here, it is clear that the order in which
talkers are heard impacts their perceived
accentedness. How much might these order effects
matter? We note that one of the methodological uses
of accent ratings in the literature is to as a tool to
select talkers for a study; researchers obtain accent
ratings for a group of talkers, and then select talkers
with the highest or lowest ratings to represent “high”
or “low” accentedness talkers more generally. Thus,
the rank ordering of accentedness of talkers within a
study can be consequential. We therefore ask how
stable the rank orderings of the 6 talkers were across
the 10 talker order conditions. Table 2 presents the
order of talkers for each of the 10 conditions by
accentedness.
Table 2: Rank ordering of the six talkers by condition.
Light grey = native speakers (N), unshaded = nontarget non-native speakers (NN), dark grey = target.
Condition
TargetFirst 1
TargetFirst 2
TargetFirst 3
TargetFirst 4
TargetFirst 5
TargetLast 1
TargetLast 2
TargetLast 3
TargetLast 4
TargetLast 5

Rank ordering of talkers from
most accented (left) to least accented (right)
05
(NN)
05
(NN)
05
(NN)
35
(NN)
05
(NN)
21
(NN)
05
(NN)
35
(NN)
21
(NN)
05
(NN)

21
(NN)
35
(NN)
35
(NN)
05
(NN)
35
(NN)
05
(NN)
21
(NN)
05
(NN)
05
(NN)
32
(NN)

35
(NN)
32
(NN)
32
(NN)
32
(NN)
21
(NN)
32
(NN)
35
(NN)
32
(NN)
35
(NN)
35
(NN)

32
(NN)
21
(NN)
21
(NN)
21
(NN)
32
(NN)
35
(NN)
32
(NN)
21
(NN)
32
(NN)
21
(NN)

53
(N)
50
(N)
53
(N)
53
(N)
50
(N)
50
(N)
53
(N)
50
(N)
53
(N)
50
(N)

50
(N)
53
(N)
50
(N)
50
(N)
53
(N)
53
(N)
50
(N)
53
(N)
50
(N)
53
(N)

Examining Table 2, we note that the target talker (35)
changes position across conditions; the target is
ranked as most accented in 2 out of 10 conditions,
second-most accented in 3 of 10, third-most accented
in 4 of 10, and fourth-most accented (i.e., least
accented of all non-native speakers) in 1 out of 10.
Further, the same rank ordering of talkers does not
occur in more than 2 of the 10 conditions (and of
those, once when the target talker was first, the other
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when the target talker was last). These observations
indicate that talker order has important and varied
implications for the “meaning” of accentedness, and
how it is interpreted, within a study.
4. DISCUSSION
The findings of this study add to previous results
showing that accent ratings are not a stable property
of a talker, but rather are context-specific judgments
that take other factors into account [3, 4, 5, 6, 7, 9].
Specifically, the present results show that accent
ratings are affected by the order in which a talker is
presented in an experiment. In this study, when the
randomly-chosen non-native target talker was
presented first, they were rated as more accented than
when that talker was presented last. This pattern was
consistent for other talkers as well; talkers presented
first were, in general, rated as being more accented
than talkers presented later in the experiment. This
finding suggests that studies may benefit from
practice or “calibration” trials, though determining
which talkers are used as practice is not a trivial
matter. These results also suggest that the effect of
talker order is not straightforwardly predictable
listener-to-listener, since variability in ratings of the
target talker increased when listeners had exposure to
previous talkers, and since ratings of the target were
not systematically shifted based on specific orderings
of preceding talkers. The extent to which such effects
would generalize to other target talkers is an
important open question.
In future work, we plan to expand our examination
of context effects to include which specific items
were rated, whether those items are the same or
different across talkers, and whether multiple shorter
items from the same talker are blocked or randomized
within the task.
In the meantime, the results presented here have
both methodological and theoretical implications
about accentedness as a construct. Theoretically,
these results raise questions about the nature of accent
ratings: What mechanisms result in listeners lowering
accent ratings over time? And, to what extent do
listeners’ changing accent ratings during a task
resemble the well-known process of adaptation in
intelligibility? Is accentedness affected by all the
same contextual factors as are known to impact
intelligibility [8]? Methodologically, these results
suggest that studies employing accent ratings should
take into account the potential effects of talker order,
potentially. Given that, in this study, the same set of
talkers was ordered differently in their level of
accentedness depending only on the order of
presentation, accent ratings should be interpreted
accordingly.
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ABSTRACT

shows an elongated distribution of tokens that coincides with its direction of diachronic movement.
This fact suggests that it would be possible to test
whether vowels typically shift along their axes of
distribution, which in turn could provide a potential
motivation for some kinds of vowel shifting. We will
see that intraspeaker variation does not align with
diachronic change for most vowels. However, high
back and central vowels vary mostly in the F2 dimension, and we suggest a connection between this
and the crosslinguistic frequency of /u/ fronting.
Comparing variation and change across dialects in
this way requires the ability to measure vowels in the
same way across corpora representing diverse language varieties. As such, this also an opportunity to
test and/or demonstrate the use of ISCAN [12] for
large-scale vowel analysis.
ISCAN is an open-source software system for Integrated Speech Corpus ANalysis, which enables
automated acoustic phonetic analysis across spoken
corpora of diverse formats and sizes. This system
is meant to overcome the significant practical and
methodological barriers to conducting essentially
the same study across corpora, including necessary
technical skills and non-comparability of results using non-standardized measures. Our first step is
to address a source of error in automatic formant
measurement, namely pervasive false F2 measurements which occur particularly in LPC-based formant tracking of front vowels and which would obscure interesting patterns of intraspeaker variation if
they are not corrected.

To test the hypothesis that intraspeaker variation
in vowel formants is related to the direction of
diachronic change, we compare the direction of
change in apparent time with the axis of intraspeaker
variation in F1 and F2 for vowel phonemes in several
corpora of North American and Scottish English.
These vowels were measured automatically with a
scheme (tested on hand-measured vowels) that considers the frequency, bandwidth, and amplitude of
the first three formants in reference to a prototype. In
the corpus data, we find that the axis of intraspeaker
variation is typically aligned vertically, presumably
corresponding to the degree of jaw opening for individual tokens, but for the North American GOOSE
vowel, the axis of intraspeaker variation is aligned
with the (horizontal) axis of diachronic change for
this vowel across North America. This may help to
explain why fronting and unrounding of high back
vowels are common shifts across languages.
Keywords: vowels, formants, variation, change, automatic
1. INTRODUCTION
We examine vowel formant variation in several natural speech corpora of North American and United
Kingdom English. We compare the direction of
change in apparent time with the axis of intraspeaker
variation, for several vowel phonemes, in order to
examine the idea that a speaker’s tokens of a particular vowel will be aligned along an axis coinciding
with the direction that vowel is shifting diachronically in a given community. A frontward progression of the GOOSE vowel from [u] to [0] and sometimes to [y] (and often with a small degree of diphthongization) is well documented in North American and Scottish English [7, 9, 18, 20]. and various sources [8, 9] have shown that GOOSE typically

2. IMPROVING AUTOMATED VOWEL
FORMANT MEASUREMENTS
Our starting point for automated vowel formant
measurements is based on FAVE-extract [4, 14]. In
that formant measurement scheme, each vowel is
measured several times with different numbers of
LPC coefficients, and the candidate measurements
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For example, if there is a candidate in which the
four lowest formant tracks are F1, a false formant,
F2, and F3, an additional candidate could also be included that retains the first, third and fourth tracks
as F1, F2, and F3 (dropping the false formant track).
For the drop formant scheme, the range of LPC coefficients considered was extended to 8-16. As a filter
to prevent real formants from being dropped, a linear
regression was performed on the formant amplitudes
(dB) and the log2 formant frequencies, and candidates were created only if they dropped formants
whose amplitudes were lower than the model estimate for the formant’s frequency. This is based on
the assumption that formants have peaks in amplitude that are roughly a linear function of frequency
because the source spectrum is roughly linear in this
way.
To further encourage the tracking of real formants, a third scheme (drop formant + amplitude
difference) was designed to take into account the
fact that pairs of well-measured formants have characteristic amplitude differences. For example A1A2 and A2-A3 are both typically positive values.
If the measured F2 track is a false formant (which
likely has lower amplitude than surrounding real formants), then A2-A3 is likely to be negative. A1-A2
and A2-A3 were added to the formant frequencies
and bandwidths as the seventh and eighth phonetic
measures included in the prototypes.
Formant measurements produced by the automatic procedures were then compared against the
manually-computed measurements. Of the 5486 automatically measured vowels, 1019 had been measured earlier by hand.3

are compared against a prototype consisting of mean
formant frequencies and bandwidths and a covariance matrix. The candidate that is selected as the
most probable is the one with the smallest Mahalanobis distance from the prototype.1
To evaluate the accuracy of the automatic measurements, a set of manually-computed measurements of vowels for a set of seven subjects from
northeastern Ohio was utilized as a reference point.
Those measurements were taken from subjects’
readings of two stories in a study of regional variation in Ohio [19].2 To identify measurement points
for automated measurements, the test recordings
were force-aligned using the Penn Phonetics Lab
Forced aligner (P2FA) [21]. Our initial (basic) implementation of the automated formant measurement scheme uses six measures: the frequencies
(in Hz) and bandwidths (in log10 Hz) of the first
three formants, measured 0.33 of the way into the
vowel interval. Initial prototypes were generated
for each vowel phoneme in each corpus on the basis of previous measurements of the same datasets
that were corrected and pruned to eliminated obvious formant tracking errors, most of which involved
underestimating F2 in front vowels by tracking a
false formant between F1 and F2. For the northeastern Ohio test dataset, the prototypes were based on
the Raleigh corpus [2].
Every stressed vowel token was measured at 0.33
of the vowel’s duration using a maximum formant
frequency of 5500 Hz for females and 5000 Hz for
males and 8-14 LPC coefficients, yielding seven sets
of candidate measurements for each of 5486 stressed
vowel tokens. The candidate for each token that
was closest to the prototype was retained. For each
speaker, new prototypes (means and covariance matrices) were then generated based on these measurements, and new candidates were selected on the basis of these prototypes. This process was repeated
until the selected candidates did not change from
one iteration to the next, with a limit of 20 iterations.
For this test dataset, the mean number of iterations
required was 6.0 and the maximum was 13.
As will be seen below, this procedure frequently
underestimates F2 in high vowels. These underestimates can become self-reinforcing as the procedure
iterates and the prototype’s mean F2 gets lower and
lower. In some cases, there is no number of LPC
coefficients that tracks F1 and F2 consistently without also tracking a false formant in between. To address this problem, we implemented a modified procedure (drop formant) which considers candidates
in which the tracked F1, F2, or F3 can be dropped
and replaced by the next highest measured formant.

Figure 1: Mean formant measurement error by
phone, for three automatic measurement schemes
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ysis is limited to words that are not known to have
been involved in context-sensitive change in any of
the dialects under study, determined using UNISYN
[5], which was also used for assigning words to lexical classes.
ISCAN was used to measure F1 and F2 at the
nucleus (0.33 of the vowel duration) of 547,344
stressed vowels. Optimal formant measurements for
each token were selected using the drop formant +
amplitude difference scheme described in the previous section. These measurements were then normalized using the Lobanov method [10].
Age vectors were calculated using the mean normalized F1 and F2 measurements for the oldest
and youngest generation within each corpus (young
vs. old for Buckeye, birth year before 1950 vs. after
1967 for Raleigh and SCOTS, all older speakers and
1980s middle-aged speakers vs. 1980s-2000s young
speakers for Sounds of the City, birth year before
vs. after 1950 for ICE-CAN, and age at recording
over vs. under 35 for Santa Barbara). In general,
the dividing line between older and younger generations is between 1950 and 1960 for all of these corpora.4 Age vectors are shown in Figure 2 as thick
arrows. To measure the axes of intraspeaker variation, a principal component analysis was performed
for F1 and F2 of each speaker-vowel combination
with at least 20 tokens. The loadings were used to
calculate the angle of the main axis of variation for
each speaker-vowel combination. These were averaged across speakers within each regionally-defined
group. Mean axes of variation are shown in Figure
2 as thin line segments. The length of each line segment reflects the magnitude of vowel variation along
the axis.
In the majority of cases, there is no obvious
connection between age vectors and axes of intraspeaker variation, as Figure 2 shows. For low vowels, the axis of intraspeaker variation is ordinarily aligned vertically, presumably corresponding to
the degree of jaw opening for individual tokens.
The mid and high front vowels exhibit lower angles
of orientation, likely resulting from their positions
along the front margin of the vowel envelope causing them to parallel the margin rather than vary vertically like the central and back vowels.
The GOOSE vowel in North American English
differs in showing generally horizontal orientations.
These GOOSE orientations show a striking disconformity with the largely vertical alignments of mid
back vowels. They also differ from the nearly vertical slopes observed for GOOSE in the two Scottish
corpora, consistent with GOOSE lowering found in
Glasgow [15, 17].5

Figure 1 shows the mean absolute F1 and F2 measurement error for each vowel, for each formant
measurement scheme. Mean F1 error is below 40
Hz for every phone. The largest portion of wide discrepancies involved F2 of three front vowels (/i/,
/e/, and prenasal (raised) /æ/) for the basic measurement scheme. Note that categorically different allophones in American English are split for the
purposes of data analysis, but they were not distinguished by the measurement scheme. Small deviations in formant frequencies were regarded as unimportant, as they could have been due to small differences in the precise time point at which a measurement was taken.
Allowing the measurement algorithm to drop
measured formant tracks (the drop formant
scheme) largely eliminated these F2 errors but introduced F2 errors in /Ä/, /OI/, and pre-lateral (unfronted) /u/. Including amplitude difference in prototypes (the drop formant + amplitude difference
scheme) eliminated these F2 errors and also improved pre-lateral (unfronted) /u/. The vowels with
the highest error after both of these refinements are
diphthongs, whose measurements are sensitive to
variation in measurement time point, and pre-lateral
/u/, which shares a prototype with a much fronter
allophone (non-pre-lateral /u/).
3. STUDY OF AGE VECTORS AND AXES OF
VARIATION IN ENGLISH DIALECTS
The data are for the study of age vectors and axes
of variation are stressed vowels drawn from six
speech corpora: the Sounds of the City corpus [16],
representing Glasgow, Scotland; the Scottish Corpus of Texts and Speech [1], representing Scotland more broadly; the Canadian subset of the International Corpus of English (ICE-CAN) [6], representing Canada; the Buckeye corpus [13], representing the U.S. North Midland; the Raleigh corpus [2], representing the U.S. urban South; and
subsets of the Santa Barbara corpus [3] that represent Western U.S. and the Northern Cities Shifted
(Inland North) region of the U.S.. The selected
words belong to the following lexical classes (meaning they have the same vowel as these representative words): FLEECE ([i]), BLEW ([0], [u], [j0], or
[ju]), GOOSE ([0] or [u]), KIT [I], FOOT ([0] or [U]),
WAIST ([e] or [eI]), STRUT ([2]), GOAT ([o] or [oU]),
DRESS ([E]), TRAP ([a] or [æ]), LOT ([O] or [A]), and
THOUGHT ([O]). Vowels after /j/ or before a nasal or
/ô/ were excluded, and GOOSE, FOOT, GOAT, LOT,
and THOUGHT were split into pre-lateral and nonpre-lateral sets (e.g., GOOSE vs. POOL). The anal-
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mated formant extraction routine. Two refinements
of the process, a procedure to drop apparent false
formants and the inclusion of formant relative amplitude in the prototypes, eliminated nearly all of the
gross deviations. In the majority of cases, there is no
obvious connection between age vectors and axes
of intra-speaker variation. The horizontal orientations of GOOSE in North American varieties, particularly their disconformity with the alignments of
other back vowels, are salient. This anomaly may
be related to the fact that fronting and unrounding
of high back vowels are common shifts across languages. The correlation of the GOOSE orientation
with its diachronic development differs from that of
lower vowels, which appear to show little or no correlation. The detection of this pattern also demonstrates the value of large corpora involving large
numbers of tokens per speaker in that the alignments
would have gone undiscovered without utilization of
the full potential of these corpora. The observed differences in alignment between North American and
Scottish GOOSE alignments probably reflect the fact
that fronting of GOOSE is an old, completed process
in Scottish English [20], placing GOOSE at the front
of the articulatory space where it can behave like
other front vowels, whereas the fronting is currently
ongoing in North American English and thus GOOSE
is not yet completely a front vowel.
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Since a preceding coronal is known to condition
fronting [8], it is conceivable that the horizontal intra-speaker variation in this vowel is primarily driven by the presence or absence of a preceding coronal consonant. Figure 3 shows the GOOSE
and GOAT vowels split according to whether the
vowel is preceded by a coronal consonant, revealing that GOOSE’s horizontal alignment is present in
both post-coronal and non-post-coronal subgroups.
GOAT , which also undergoes fronting, is vertically
aligned.
GOOSE

4. CONCLUSIONS
Comparison of automatic measurements of vowels
with manually measured readings laid bare the deficiencies of raw automatic readings. The deviations,
particularly for F2 of front vowels, proved pervasive
and thus are likely to plague any LPC-based auto-
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1

Mahalanobis distance [11] measures the distance of a
vector from the mean of a multidimensional distribution,
taking into account correlation between dimensions.
2 Vowels in a predetermined list of words from the stories
had been measured in Praat by marking off the onset and
offset of the vowel visually (in some cases with auditory
input) and obtaining values of F1-F4 with LPC at three
points within the vowel (35 ms after onset, midpoint, and
35 ms before offset). The manual procedure allowed the
practitioner to vary the LPC settings as needed in order
to yield the most accurate formant estimates. Judgments
of whether appropriate formant readings were obtained
were based on visual inspection of spectrograms with superimposed LPC formant tracks. The maximum formant
value was always set at 5500 Hz, but the number of LPC
coefficients was varied from 8 to 18 as needed.
3 Since hand and automatic measurements could be made
at different times, we excluded 29 tokens whose automatic measurements were over 50 ms before or after the
hand measurements. For vowels with two or more hand
measurements, we used linear interpolation to estimate
the formant values at the automatic measurement time.
4 Note that this method of assigning ‘age’ was a practical way of dealing with the apparent-time corpora which
were recorded at different time points, and the real-time
corpus (SOTC) which here has recordings made over
three decades.
5 GOOSE fronting is observed as an age vector in the
SCOTS corpus but not SOTC because the SCOTS corpus contains more standard Scottish speakers, plus a large
range of Scottish regional accents. SOTC is Glasgow vernacular, where GOOSE is already very front.
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ABSTRACT

tations about language [16]. For bilinguals, it follows that probabilistic reduction would also provide
insight on knowledge and expectations about language, as well as for how languages interact.

Speakers reduce segments to a greater degree when
they are more predictable and frequent. The outcome of this probabilistic reduction varies crosslinguistically—for example, /s/ is more predictable
and likely to reduce in Spanish than in English [10].
If probabilistic reduction reflects a speaker’s expectations about language, what happens when there is
more than one language to contend with? This paper reports on a corpus study of consonant reduction in Spanish-English bilingual speech. Given that
bilinguals’ languages influence one another, are consonant duration patterns better accounted for when
languages are pooled together or kept separate? In
a comparison of two linear mixed effect models, fit
for pooled- and separate-lexicon models does not
significantly differ. More importantly, this study
largely fails to find evidence of segmental probabilistic reduction, suggesting a fundamental difference in how probability operates in bilingual speech.

1.1. Probabilistic accounts of reduction

For various linguistic units, an increased probability of occurrence corresponds with increased articulatory reduction, and has been widely used to account for variation in speech production [16]. Studies exploring the relationship between probability
and reduction are typically grounded in Information
Theory [25]. Information-theoretic accounts have
addressed variation in production for words [24],
morphemes [22], and segments [9]. Regardless of
the unit, the most common measure of reduction is
duration, where shorter duration corresponds to increased reduction. While duration is not the only
choice [1], it is the most well understood [8, 20]. In
each of these cases, probability can be quantified in
with information-theoretic measures like frequency,
local predictability, and informativity [9, 16].
Frequency is a measure of how often a unit is
encountered. Words and segments with higher frequencies are more likely to be reduced [9]. However,
while word frequency typically predicts word duration [24], it is an inconsistent predictor of segment
duration [9], as units within a word are not necessarily uniformly affected [22]. Frequency, defined in
(1), is the probability of unit x.

Keywords: Bilingualism, Speech production, Probabilistic reduction, Information theory
1. INTRODUCTION
In bilingual speech production, there is a broad consensus that languages influence each other regardless of dominance [7], and are activated regardless
of which is in use [18]. To this end, researchers are
concerned with how units (e.g. words, segments) are
stored, how speakers mitigate interference from the
language not in use [23], and how mutual influence
impacts production [13, 15]. This study addresses
segmental interference—specifically, how measures
of information (e.g. frequency, predictability, and
informativity) operate in probabilistic reduction for
bilingual speech. Probabilistic reduction for segments is of particular interest, because while languages may share similar segments, they are not
necessarily reduced in the same ways. In monolingual speech, these cross-linguistic differences have
been accounted for with information content [9],
which sheds light on speaker knowledge and expec-

(1) P(x)
Local predictability builds on frequency by including context. For segments, context typically
comprises all (or some) of the preceding segments
in the word [9]. While this definition often produces
robust results [27], it is almost certainly inadequate
(see [22]). Local predictability, defined in (2), is the
negative log probability of unit x in context c.
(2) −log2 P(x|c)
Informativity builds on local predictability, and
has been used to account for why some units are
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(3) −Σc P(c|x)log2 P(x|c)

vious work on Spanish and English word-final sibilants [6] or word-initial stops [13]. Another reason
for using these segments is that given their acoustic
characteristics, they are robust under forced alignment. For a corpus without sub-word annotations,
this increases tractability given time constraints.

1.2. The present study

2.3. Exclusionary criteria

Information-theoretic measures are unique to specific languages. This point has been made effectively by many researchers (e.g. [9, 16]), but only for
monolingual speech. Assuming a bilingual speech
is subject to parallel activation and mutual influence, what happens to probabilistic reduction? Are
predictability effects separate-lexicon in nature, and
tied to specific languages? Or pooled-lexicon, with
bilinguals drawing on all available source material?
These competing hypotheses are considered here in
the case of bilingual consonant reduction patterns.

Using the orthographic transcriptions and dictionary pronunciations, utterances were considered
candidates if there was a target segment in either
language—7896 utterances fit this search criteria.
Utterances were excluded for code-switching (see
[13]), disfluencies [4] and the presence of unintelligible speech. Targets were also excluded if they
occurred in a function word [3], or a repeated word
in the utterance [21]. For words with multiple target segments, all but one were randomly removed.
This sample was further reduced to files where segment boundaries could be reliably marked, given the
sub-optimal recording quality. As there were more
Spanish than English targets at this point, a random
sample was taken to match English, ensuring a minimum of five targets per speaker. The final sample
comprised 2052 target segments.

more likely to reduce, even when they are locally unpredictable [9, 24]. Informativity, defined in (3), is a
weighted average of local predictability for a unit x,
taking all possible contexts, c, into account.

2. METHODS
This corpus study comprises a comparison of two
linear mixed effects models—separate-lexicon and
pooled-lexicon. The models use the same sample, dependent variable, and structure, but vary
with respect to how the values for the segmental
information-theoretic measures are calculated.

2.4. Duration measurements

The dependent variable was target segment duration.
Target utterances were extracted from the corpus
(stereo WAV files, sampling rate: 44.1 KHz), and
automatically transcribed with the Montreal Forced
Aligner, using pretrained acoustic models for both
languages [19]. Target segment boundaries in the
TextGrid annotations were hand-corrected in Praat
[5] by inspecting the wideband spectogram and
waveform, and supplemented by listening to the audio. Segment onset was defined as the point where
high-frequency energy indicating frication first appeared for /f/ and /s/, and as the intensity minimum
immediately following the preceding vowel for /Ù/.
Segment offset for all segments was defined as the
intensity minimum immediately before the onset of
periodicity for the following vowel. Figure 1 shows
the distribution of target segment duration.

2.1. The database

This study uses the Bangor Miami corpus [12],
which consists of conversational speech from
highly-proficient Spanish-English bilinguals residing in Miami, USA. Speakers range in age from
9–78 years (median: 29.5 years), and typically knew
each other. The corpus comprises 35 hours of
recordings, with 34 percent in Spanish. Speakers
conversed in various places, and many of the recordings are noisy. The corpus is transcribed orthographically by utterance (one main clause), with words
tagged for language and part-of-speech. The transcriptions note unintelligible speech, disfluencies,
and non-speech sounds, but do not contain sub-word
annotations. As such, this study relies on transcriptions from the CALLHOME Spanish Lexicon [14]
and Carnegie Mellon pronouncing dictionary [29].

2.5. Control predictors

2.2. Target segments

Each target segment was coded for six control fixed
effect predictors. Language was a binary variable
with possible values Spanish and English. Mean
syllable duration—a gross measure of speech
rate—was calculated over the utterance (including
pauses), log-transformed, and centered. Word posi-

This study focuses on duration variation for wordmedial, intervocalic /f/, /s/, and /Ù/. If similar sounds
are assumed to be linked (despite non-identical productions), Spanish and English substantially overlap. This assumption was not problematic in pre-
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speaker, and by-speaker random slopes for segment
frequency, local predictability, and informativity (as
in [9]). Given the number of predictors, and need to
limit model complexity, interaction terms were not
included. As it stands, the number of observations in
this study (n = 2052) is sufficient, following a conservative minimum of 50–100 per predictor [17].

Figure 1: Duration is normally distributed, and is
similar across languages for each segment.

3. RESULTS
tion was the distance from the end of the utterance
in words, log-transformed, and centered. Segment
position was the distance from the end of the word
in segments, log-transformed, and centered. Diphthongs were always treated as two segments. Stress
precedes and stress follows were binary variables
with possible values True and False.

Relative model fit can be assessed with the Akaike
Information Criterion (AIC). While the pooledlexicon model has a lower AIC value (separate:
19512.11, pooled: 19509.51, ∆ = 2.60), the difference is not significant. Note that in reporting overall
model fit, collinearity is not problematic [30].
The output of pooled-lexicon model is reported
here, as it fits the data better. The intercept was significant (β = 125.76, SE = 7.84, t = 16.03, p <
2 × 10−16 ), and the control fixed effects followed
expected patterns. Increased mean syllable duration (β = 19.03, SE = 1.46, t = 13.01, p < 2 ×
10−16 ) and following stress (β = 11.54, SE = 2.15,
t = 5.37, p < 8.63 × 10−8 ) led to increased target
segment duration. Preceding stress trended in the
same direction, but was not significant (β = 2.14,
SE = 2.04, t = 1.05, p = 0.30). Word position
(β = −4.61, SE = 0.50, t = −9.19, p < 2 × 10−16 )
and segment position (β = −6.40, SE = 1.25, t =
−5.10, p < 3.7 × 10−7 ) both led to decreased target
segment duration, as expected due to final lengthening effects. The only control fixed effect that qualitatively differed across models was language. Spanish indicates shorter segment duration in the pooledlexicon model (β = −5.16, SE = 1.81, t = −2.86,
p < 0.004), but not in the separate-lexicon model
(β = −2.40, SE = 1.99, t = −1.21, p = 0.23). Control fixed effect coefficients are depicted in Figure 2.

2.6. Information-theoretic predictors

Each target segment was coded for four informationtheoretic fixed effect predictors. Word frequency
is the number of times a word occurs in the corpus
[9]. As Spanish and English do not make up equal
halves of the corpus, relative word frequency for
each language was log-transformed and centered.
Segment frequency is the number of times a segment occurs in the corpus—relative values for each
language were log-transformed and centered. Local
predictability is the amount of information a particular segment has, given all preceding segments in
the word. Informativity is the amount of information a segment typically has, given the above characterization of local predictability.
For each model, the values for the segmental
information-theoretic predictors were calculated in
different ways. In the separate-lexicon model, each
target segment has a separate frequency and informativity value for each language, and local predictability was determined for each language, such
that even if the same context occurs in the other
language, the cross-language context was not considered. In the pooled-lexicon model, the converse
was true. Target segments shared frequency and informativity values across languages, and local predictability included cross-language contexts.

Figure 2: Control fixed effect coefficients and
95% CIs for both models. Positive estimates indicate increased duration, and negative decreased.

2.7. Regression analysis

The goal of this analysis is to assess whether probabilistic reduction operates according to a separateor pooled-lexicon model. Two linear mixed effects
models were fit to the same data with the lme4 R
package [2]. The models share the same structure, dependent variable, and fixed effects outlined
above. Also included were random intercepts for

Of the information-theoretic fixed effects, only
word frequency patterned as expected—an increase
in word frequency (β = −0.70, SE = 0.29, t =
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−2.46, p < 0.02) led to a small decrease in segment
duration. Segment frequency, local predictability,
and informativity did not follow expected patterns.

of utterances in the Bangor Miami corpus [12] and
compared against each other. Each model represents
a competing hypothesis about what informationtheoretic measures draw on—a separate- or pooledlexicon. As neither model gives a better fit, the far
more interesting outcome is that this study largely
fails to replicate basic monolingual findings for segmental probabilistic reduction. This differs from
previous work showing effects for segment frequency, local predictability [1, 27], and informativity [9]. It is important to highlight that previous work has modeled segment duration for a much
larger set of consonants [9], and this study focuses
on just three. While Cohen Priva [9] does not report
unique behavior for /f/, /s/, and /Ù/, it is nonetheless
possible that the results of this study follow from this
particular subset of consonants and their phonological patterns in two languages.

Local predictability has a clear interpretation—there is no effect on segment duration (β =
0.07, SE = 0.36, t = 0.20, p = 0.84). The results
for segment frequency (β = −4.24, SE = 1.31, t =
−3.25, p < 0.001) and informativity (β = −7.12,
SE = 1.83, t = −3.90, p < 0.0002) exhibit strong
collinearity in both models (V IF > 3). While this
was not a problem for interpreting overall model fit
[30], it renders the collinear fixed effects uninterpretable. To assess if the estimates were biased by
collinearity, two checks were performed. First, the
zero-order correlation for segment frequency and informativity with the dependent variable was compared against the model estimates. There was a
change in sign for informativity (R = 0.018, β =
−7.12), which suggests bias. There was no sign
change for segment frequency (R = −0.035, β =
−4.24). This was consistent for both models. Second, the model was refit twice, leaving out each
collinear predictor in turn. With segment frequency
removed, the effect size for informativity was reduced and no longer significant (β = −1.32, SE =
0.80, t = −1.65, p = 0.10). With informativity removed, the effect for segment frequency changed
directions and was no longer significant (β = 0.32,
SE = 0.59, t = 0.54, p = 0.59). All other fixed effects were stable. This finding was consistent across
both models. These checks strongly suggest that the
significant negative effects for segment frequency
and informativity were artifacts of collinearity. The
estimates from the refit models likely better reflect
the actual effect, and as such, are depicted with word
frequency and local predictability in Figure 3.

Sample size (n = 2052) may be a limiting factor in this study, though given the model specified
and result, it does not seem likely. While Cohen
Priva and Jaeger [11] find an increased risk of spurious effects for small sample sizes, the main risk
they report is finding a significant effect of segment frequency while failing to control for local predictability and informativity. They don’t consider
the outcome where all are included, but no effect
is found. In this light, and because the sample size
large enough for the complexity of the model [17],
it is worth entertaining the more interesting possibility—bilingual speech is fundamentally different.
This could be an artifact of bilingualism, the specific languages involved, or a combination of both.
Recent work shows that the relative importance of
probabilistic measures varies by language [28], and
that defining context remains a major issue [26]. In
addition to the strictly local context used here, researchers have observed effects from neighboring
words [22, 24], and farther [21]. A major challenge
going forward is to determine what aspects of context affect bilingual speech. It is possible that context dynamically shifts according the languages in
use and code-switching (see [13]), or as an effect
of recency and cumulative experience (see [7]). If
probabilistic measures vary by language (as in [28]),
context may serve as a modulating force.

Figure 3: Information-theoretic fixed effect coefficients and 95% CIs for both models. Increased
word frequency corresponds to decreased duration. All other factors are not significant.

While this study presents a null result, it highlights an important point—monolingual findings
cannot be simply applied to bilingual speech. This
study provides an important contribution towards
understanding how probabilistic reduction operates
in a new population, and in the process, treats bilingualism as an interesting question rather than as a
complicating factor.

4. DISCUSSION
This study addresses how segmental probabilistic
reduction operates in the case of bilingual speech.
Two linear mixed effects models were fit to a subset
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ABSTRACT

ticulatory gesture-based models of speech perception [6, 4, 5], a more general database with parallel articulatory and acoustic data on a large and
representative sample of the lexicon, produced under controlled context-equivalent conditions, is required. Further, given that much of the competing
models of spoken word recognition (SWR) assume
some kind of abstract phonemic or featural representation of words in the lexicon (e.g., the Neighborhood Activation Model [9], Shortlist [12, 13],
TRACE [10]), in order for the articulatory structurebased model of SWR to emerge in a comparable way
we need articulatory data that will permit gestural
formulations of lexical encoding, contrast, phonological distance (neighborhood density), etc., that
are not dependent on assumptions about the segmental phonological composition of words. In other
words, we would like to be able to specify the encoding of the lexicon directly from the similarity and
contrast structure of articulatory profiles of words
in the lexicon, with no need for extrapolation from
controlled syllable to word, extrapolation which is
often mediated by canonical auditory impressionbased abstract segmental transcriptions.1
In service of this end we constructed a parallel
database to the 26,793-word stimulus set in [15],
which was compiled from all unique word types
in the Buckeye Corpus (∼8000) [14], an additional
9,000+ words from the English Lexicon Project [2],
10,000 more words in the highest frequency set
in COCA [7], and 1,252 compound words from
CELEX [1]. Additionally, to provide a reference for
more controlled articulations (less subject to lexical
factors such as frequency and neighborhood density), a set of CVC syllables based on the California Syllable Test (CaST) [16], containing all combinations of 20 onset consonants, 3 corner vowels,
and 20 coda consonants, was recorded. A single
male native speaker of Midwestern American English produced all data in the corpus, and while the
use of a single speaker necessarily limits the generalizability of the data, the lack of inter-speaker variation allows models of lexical structure to reduce
(for the moment) variability to just that which serves
to distinguish words in the lexicon. Further, since

Articulatory data (6-channel electro-magnetic articulography, EMA) was recorded on a 26,793-word
database of English words – replicating the set used
in the Massive Auditory Lexical Decision project
[15] – along with two repetitions of 1,200 controlled
CVC syllables based on the California Syllable Test
[16], from a single male native speaker of Midwestern American English. The primary aim of this
database is to serve as a window on the articulatory
structure of the lexicon; i.e., what gestural profiles
distinguish words in English, and what constitutes
minimality (how are minimal pairs defined, if at all)
from an articulatory standpoint? Further, using this
open-access database, comparable perception experiments testing the predictability of word recognition
patterns from articulatory and acoustic profiles can
now be run by multiple research groups, providing
greater clarity to broader theoretical debates on the
nature of the encoding of the speech signal.
Keywords: electro-magnetic articulography, lexicon, open-access database, English
1. INTRODUCTION
Advances in the acquisition, storage, and sharing of
articulatory data, particularly electro-magnetic articulography (EMA) [11], ultrasound [3], and real-time
MRI [17, 11], have allowed for more precise and
scalable specifications of what an articulatory encoding of the speech system might look like. Similarly, the recent release of a 26,793-word database of
controlled productions of isolated words by a single
speaker of Western Canadian English as part of the
Massive Auditory Lexical Decision project [15] has
allowed us to begin modeling the acoustic structure
of the lexicon, as well as providing a common set
of stimuli for different research groups to use in perception experiments designed to test current models
spoken word recognition.
From the controlled lexical data in [15] we are
capable of building predictive models of listener behavior on the basis of acoustic features, but given
that there are also competing paradigms pursuing ar-
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any native speaker of a language, in order to be a
functional member of a that linguistic community,
must have an internally coherent system of phonetic
contrasts (so as to not be misunderstood by other
speakers), by modeling the articulatory data characterizing a single speaker’s (production) lexicon we
should be able to derive the critical articulatory information necessary for the encoding of the English
speech system. By internally coherent we mean that
the set of words in the lexicon must be perceptually
differentiable, and thereby differentiable to some degree in acoustic and articulatory structure, within the
speech of that any given speaker in order for them to
be understood by other speakers of English (for this
reason the application of such stimuli in perception
experiments is vital). Nevertheless, we hope in the
future to record additional speakers, as [15] are doing, to improve the generalizability of the database.

y

z

Figure 1: Coordinate system for EMA sensors,
assuming a leftward-facing speaker.

lation in random order (blocked by CVC syllable
and real word sets) by controlling a slide presentation with a remote. EMA data were recorded on
an NDI Wave system (Northern Digital Inc., Waterloo, Ontario, Canada) with 6 active sensors – (1) a
tongue dorsum sensor placed as far back as possible
on the center of the tongue (the exact position was
then recorded and used on all subsequent trials), (2)
a tongue tip sensor placed 1 cm behind the tip of the
tongue, (3) a tongue center sensor equidistant between tip and dorsum sensors, (4-5) sensors on the
upper and lower lips, and (6) a jaw sensor affixed to
the lower incisors – all referenced to a 3D reference
sensor attached to the forehead.

2. DATABASE
2.1. Speaker background

The first author, a 30-year-old male native speaker
of the South Midland variety of American English
[8], produced every token in the database. This
speaker lived in Louisville, Kentucky up to age 18,
after which he has lived in several locations, most
notably for his idiolect including New Delhi, India
for 1 year and Hyderabad, India for 2.5 years. He
is a trained phonetician, though he attempted to produce all items as naturally as possible according to
his dialect.2

EMA data were sampled at 100 Hz. Simultaneous
acoustic data was recorded from a head-worn Differoid (cardioid) condenser microphone (Crown Audio Inc., Elkhart, Indiana, USA) positioned approximately 2 cm from the speakers lips, off-axis from the
breath stream by approximately 45 degrees. Acoustic data was digitized through a Xenyx 802 mixer
(Behringer, Bothell, Washington, USA) at 22050 Hz
sampling and 16 bit quantization, where the gain
was adjusted to be approximately 70% of the VU
range.

2.2. Materials

Two sets of data were recorded: (1) a controlled set
of 1,200 CVC syllables – 20 onset consonants /p,
b, t, d, k, g, Ù, Ã, f, v, T, D, s, z, S, h, m, n, l, ô/ ×
3 corner vowels /i, A, u/ × 20 coda consonants /p,
b, t, d, k, g, Ù, Ã, f, v, T, D, s, z, S, m, n, N, l, ô/ –
based on the California Syllable Test (CaST) materials [16], (2) a set of 26,793 isolated words based
on the Massive Auditory Lexical Decision (MALD)
project [15]. The CVC syllable set was repeated
twice, while only a single repetition of each word
in the model lexicon is provided at present, resulting
in 29,193 total items.

The original coordinate system in which the data
were recorded, relative to the reference sensor, has
tongue height represented on an inverted x axis,
tongue advancement on the y axis, and lateral tongue
displacement along the z axis. In order to provide
more interpretable data, the x axis was then inverted
in post-processing so that upward movement is now
in the positive direction. Figure 1 displays this coordinate system after post-processing.

2.3. Recording

Data were recorded in the Speech Science and Disorders Laboratory at the University of Kansas, in
separate 1-3 hour sessions over the course of several months. The speaker produced items in iso-
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2.4. Database format

Time-aligned acoustic and articulatory data are
stored in separate files per word: WAV format for
audio, and tab-delimited ASCII format (.tsv) for
EMA. All data is presently hosted on Dataverse
at https://dataverse.harvard.edu/dataverse/artlexamerican-english-midwest. While data are typically
smoothed and interpolated prior to analysis, only
raw data is provided in the database, with the
one exception being the inversion of the x axis as
discussed above.
2.5. Phonetic feature summary

As a thorough sample of the English lexicon, instances of each vowel and consonant in the language
are expected to occur in reasonably representative
proportions for the language as a whole. Table 1
provides type-based counts and percentages of English phonemes in the model lexicon.
For the study of contrast, based on a phonemic
transcription of the database, approximately 2,905
minimal pairs are present for stop consonants, 1,218
for fricatives, 24 for affricates, 217 for nasals, 394
for liquids, and 7,239 for (semi-)vowels.
2.6. Sample data and analysis

The primary goal of developing this database is to allow for the mapping of phonological structure in the
lexicon from articulatory profiles of ensembles of
contrastive words. Figures 2 and 3 display acoustic
and articulatory data on the minimal pair: “sucker”
/"s2k@ô/ vs. “supper” /"s2p@ô/. Of course, we have
assumed here that we already know that a given
pair of words is minimally distinct, the definition
of which follows canonical phonological transcription of the two words. In the future we hope such
a database will allow notions of minimality in phonetic contrast to be derived (possibly based on the
gestural scores of words, as mapped from the data)
purely from oppositions between words, at least in
such cases where the EMA data is sufficient to capture the primary articulatory events in a word.
Figures 2 and 3, as expected, appear to differ
primarily in the velar vs. labial/jaw gesture in the
medial consonant interval, though these two words
also serve to reinforce similarity between the noncontrastive phones in the two words, such as the similar tongue tip gestures for the onset sibilant fricative, and the tongue tip and torsum retraction for the
final rhotic. These articulatory profiles also illustrate
some of the challenges ahead, as gestures which are
in some sense irrelevant during a given interval of

Phoneme

Count

Percent

@
t
n
I
s
l
r
k
d
i
p
m
z
Ä
E
æ
A
b
eI
f
N
aI
oU
S
v
g
u
w
Ã
h
O
j
Ù
aU
T
U
OI
Z
D

17268
12532
12013
11777
11484
9802
9593
8416
7791
6171
5655
5559
5511
5491
5187
4220
4045
3673
3599
3112
2817
2716
2451
2373
2363
2050
1842
1621
1387
1326
1172
1068
1062
784
616
481
268
165
144

9.61
6.98
6.69
6.56
6.39
5.46
5.34
4.69
4.34
3.44
3.15
3.10
3.07
3.06
2.89
2.35
2.25
2.05
2.00
1.73
1.57
1.51
1.36
1.32
1.32
1.14
1.03
0.90
0.77
0.74
0.65
0.59
0.59
0.44
0.34
0.27
0.15
0.09
0.08

Table 1: Distribution of transcribed English
phonemes (by count and percentage) in the model
lexicon based on the stimuli in [15].
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Figure 2: Acoustic and articulatory data (20 Hz
low-pass filtered) on the word “sucker” /"s2k@ô/.

Figure 3: Acoustic and articulatory data (20 Hz
low-pass filtered) on the word “supper” /"s2p@ô/.

the word (e.g., lower lip position for the velar plosive in “sucker”), must also be parsed as such. Interpreting what is signal and what is noise in determining the articulatory structure of the lexicon is fundamental to the enterprise, and ultimately is not unique
to the articulatory domain. Acoustic models of the
lexicon must also learn similar distinctions, and we
expect with the availability of the database in [15]
and our own parallel articulatory/acoustic database,
progress in answering (and computationally demonstrating solutions to) these problems will be in the
offing in the years to come.

trolled productions of words and CVC syllables by
a single native English speaker in the hope that
the data will be used by independent researchers in
quantifying various aspects of the articulatory structure of the lexicon. Ultimately, we seek a complete
mapping of the articulatory topology of the lexicon,
and hope that by making the data freely available
this mapping will be more feasible and more robust
to the oversights of any one research group.
In addition to the data on English, we are currently developing a parallel database of Korean, and
hope to incorporate additional languages in the years
to come. This work is part of a wider project to contextualize phonetic categories/gestures more broadly
within the lexicon, and to provide data supportive of
more thorough and scalable theory validation.

3. DISCUSSION
We have presented an open-access database of
acoustic and EMA data on a large sample of con-
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1

We to not aim in this paper to outline what such a direct
derivation of articulatory contrasts from lexical distinctions would entail, but rather aim to first present the kind
of data necessary to make progress toward this end.
2 While the speaker is from Louisville, Kentucky, which
exhibits both Midland and Southern speech characteristics, the speaker does not exhibit any notable phonetic or
phonological characteristics of Southern speech (one exception might be a greater proportion of /l/ velarization,
though thorough analysis of the database is required to
bear out this impression), and thus has been classified as
more typical of the Midland variety.
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ABSTRACT

Zealand [19], and is increasing in some [7], but not
all [32], varieties of Australian English. Gender
differences in /s/-retraction seem to vary by dialect:
in British English, male speakers retract more [5,
11], in Raleigh, only female speakers born more
recently show retraction [34]; and in Philadelphia no
gender differences were found [13].
The phonetic bases of /s/-retraction likely relate
to the lowering of spectral frequency of /s/ in
clusters. Baker et al. [4], also [32], show progressive
lowering of the spectral Centre of Gravity (COG).
The COG of singleton /s/ is higher than in clusters
without /r/, /sC = sp st sk/, which is in turn
higher than in /sCr = spr skr/, and /str/ shows
the lowest COG. The role of coarticulation with
/r/ in /s/-retraction is not entirely clear. Mielke
et al [24] demonstrate that while ‘retractors’ have
a phonologised target closer to /S/ and do not
show coarticulation, in ‘non-retractors’ the degree
of retraction correlates with decreased articulatory
distance between /s/ and /r/. Individual speaker
variation, in conjunction with coarticulatory bias,
provides a source for /s/-retraction to take off in
non-retracting dialects [4, 14].
There is also evidence that /str/ can be
phonetically distinct from /sCr/. Spectral COG
trajectories for a non-retracting Australian English
dialect [32] show anticipatory assimilation for /spr
skr/, but not /str/, whose overall shape is similar to
/S/ from /s/ onset. Current work on U.S. English also
shows that /str/ is produced [25] and perceived [26]
differently from /spr skr/, though with substantial
individual variation.
Previous studies of /s/ retraction have tended to
focus on a single dialect, using different methods
to assess retraction. Here we seek to expand
the view by using the same acoustic measurement
strategy across a large number of speakers from
spontaneous speech from several dialects.1 Our
research questions are: How does phonetic context
affect English /s/? What is the evidence for
/s/-retraction across English varieties? What role
does gender play in English /s/-retraction?

The retraction of /s/ in /str/, eg street, is a
sound change found in certain English dialects.
Previous work suggests that /s/-retraction arises
from lower spectral frequency /s/ in /str/. The
extent to which /s/-retraction differs across English
dialects is unclear. This paper presents results
from a large-scale, acoustic phonetic study of
sibilants in 420 speakers, from 6 spontaneous speech
corpora (9 dialects) of North American and Scottish
English. Spectral Centre of Gravity was modelled
from automatic measures of word-initial sibilants.
Female speakers show higher frequency sibilants
than males, but more so for /s/ than /S/; /s/ is also
higher in American than Canadian/Scottish dialects;
/S/ is surprisingly variable. /s/-retraction, modelled
as retraction ratios, is generally greater for /str/ than
/spr skr/, but varies by dialect; females show more
retraction in /str/ than males. Dialectal and social
factors clearly influence /s/-retraction in English
clusters /sp st sk/, /spr skr/, and /str/.
Keywords: sibilants, /s/-retraction, large-scale
studes, sociophonetics, English
1. INTRODUCTION
The auditory retraction of /s/ to an [S]-like quality
in the cluster /str/, as in e.g. street, is a sound
change found in some but not all dialects of
English [31, 4]. /s/-retraction is typically associated
with southern varieties of British English, such as
London [1] and the South East [5]. However Glain
[11] observed /s/-retraction in all British dialects
including Scottish English, bar the North-East, in
his auditory analysis of the IDEA corpus [23]. In
North America, /s/-retraction has been noted in
Philadelphia since the 1980s [17, 18, 31, 13]. It
has also been studied in Columbus, Ohio [10],
in General American [25], in Louisiana [30], in
Raleigh, North Carolina [34], and was noted for
African American Vernacular English by Glain [11].
/s/-retraction appears to be well-established in New
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2. METHODOLOGY

Across Dialects of English (SPADE) project.
The Integrated Speech Corpus ANalysis (ISCAN;
[22]) software enables automated acoustic phonetic
analysis across spoken corpora of diverse formats
and sizes. The system aims to overcome the
significant practical and methodological barriers
to conducting essentially the same study across
corpora, including necessary technical skills and
non-comparability of results using non-standardized
measures. Here, each audio corpus, which had
already been force-aligned, was imported and then
a custom sibilant measurement script was run, in
ISCAN. The speed of this scaled-up automated
analysis was already impressive, e.g. the 232-hour
Raleigh corpus took only 4.2 hours to import and
extract measures.
The initial count for all sibilants was 111,683
tokens.
We anticipated that force-alignment
followed by automated measurement would result in
likely erroneous tokens and measures. We removed
about 10% tokens with unexpected COG/peak less
than 2400Hz, giving 100,246 tokens. Further data
reduction took place during analysis. We used linear
mixed effects modelling with lme4 in R [28], and fit
three models to gain three perspectives on sibilants
and /s/-retraction.
(1) To consider the impact of phonetic context on
sibilants in general, we fit a simple model with COG
as the dependent variable, fixed factors of Duration,
Dialect, Gender, and Onset (5 levels: s sC sCr str
sh), and random intercept of Word and by Speaker
slope for Onset. Further outliers were removed by
running the model again on a dataset trimmed with
respect to 2.5 standard deviations of the residuals
from the first model [3].
(2) To examine the role of dialect and gender
on prevocalic /s S/, we fit a model with COG as
dependent variable, with the same fixed and random
factors, but now Onset had 2 levels (s sh), and
we included the three-way interaction for Onset,
Dialect and Gender.2 This model was again run on
a trimmed dataset to remove outliers.
(3) The first two models used COG Hz measures
without attempting to normalize the influence of
speaker physiology on sibilant acoustics. They
present indicative results of overall phonetic context,
and allow a view of the potential ‘limits’ of
sibilant space by dialect and gender. To investigate
/s/-retraction controlling for speaker characteristics,
we calculated retraction ratios [4], which express the
position of /s/ in a cluster’s COG in relation to the
same speaker’s mean COG of /s/ (closer to 1) and
/S/ (closer to 0); this orientation reflects the acoustic
relationship of tokens to /s/ (higher) and S/ (lower).

Our sample was spontaneous speech recordings
from 420 speakers from nine broad dialect groups
representing English dialects from North America
and Scotland, from six corpora held by the SPADE
project: (1) subsets of the Santa Barbara corpus [9],
representing the Northern Cities Shifted (Inland
North) region (19 speakers, 11 female) including
Philadelphia and New York, and Western U.S.
(43 speakers, 23 female); (2) the Buckeye corpus
[27], representing U.S. North Midland, including
Columbus (40 speakers, 20 female); (3) the Raleigh
corpus [8], representing the U.S. urban South (101
speakers, 51 female); (4) the Canadian subset of
the International Corpus of English [12], ICE-CAN,
representing Canada (28 speakers, 10 female); (5)
subsets of the Scottish Corpus of Texts and Speech
(SCOTS) [2], representing East coast (22 speakers,
11 female), West coast (38 speakers, 19 female),
and Highland/Island and North (54 speakers, 34
female) Scottish dialects; (6) the Sounds of the City
corpus [33], representing Glasgow (70 speakers, 36
female). We removed recordings made in the 1970s
from the Glasgow data, so that the year of recording
for all data ranges from 1980s to the 2000s. In future
work, we intend to consider, where possible, the
impact of ethnicity, year of recording and speaker
age on /s/-retraction across these dialects [34, 7].
We analysed all instances of stressed,
word-initial, prevocalic /s/ e.g.
seat and /S/
e.g. sheet, plus /sp st sk/, e.g. speech, skip, steep,
/spr skr/, e.g. spree, scream, and /str/ e.g. street.
We did not code for following vowel quality, given
inconsistent results in previous studies, e.g. [10, 4].
We predicted COG might lower by onset structure
as follows: /s/ > /sp st sk/ > /spr skr/ > /str/ > /S/.
In order to compare acoustic measures across
corpora with different sampling rates, we
downsampled all soundfiles to 16kHz (the rate
of the Buckeye corpus), and high-pass filtered at
1kHz. We selected the central 50% of the sibilant
interval [4] from force-aligned segment boundaries,
and calculated the duration of the sibilant interval,
and COG, spread, peak and slope from spectra taken
using a 10ms Hamming window in Praat [6]. We
report here measures for COG; note that the impact
of downsampling was to depress the COG values
to below 8KHz. This means that COGs shown here
are relative indicators as opposed to actual values
(the spectral peak for female English speakers can
be as high as 12kHz).
The data analysis was carried out using new
open-source software developed for the SPeech
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/S/ varies substantially across dialects.

Calculating the retraction ratio on these corpus
data resulted in numerous outliers, especially tokens
with values more than 1 [7]. We removed all tokens
from speakers with less than 8 tokens for either
/s/ or /S/, and then modelled only retraction ratios
within a range of 2.5 to -1.5. The same fixed and
random factors were used, but Onset had 3 levels
(sC sCr str), and all two-way interactions between
Onset, Dialect and Gender were included (counts
did not permit three-way interaction). Results are
considered significant when p < 0.05; statistics are
given for terms of interest.

Figure 2: Model estimates of COG Hz for
English /s S/ by dialect (n = 75,465)

3. RESULTS
As expected, Fig. 3 shows that /s/ has higher COG
than /S/, and female speakers show higher COG than
males, but there is also a larger gender difference for
/s/ than /S/.

3.1. /s/ by phonetic context
Figure 1: Model estimates of COG (Hz) for
English /s/ by phonetic context (n = 98,679)

Figure 3: Model estimates of COG Hz for
English /s S/ by gender (n = 75,465)

The first model returned significant effects for
all fixed factors. As expected there were overall
differences in sibilant COG by dialect (Canadian is
lowest), gender (higher COG in female speakers)
and duration (the longer the duration, the higher
the COG). Of interest here is Onset (χ(18) =
19221, p < 0.0001), see Fig. 1. Posthoc tests
confirm that across all dialects and speakers, /s/ has
the highest COG, /s/ in /sC/ is lower than /s/, but
higher than /s/ in clusters with /r/; /S/ is much lower.
Unlike [32], c.f.[4], /s/ in /str/ is not lower than in
/sCr/.

3.3. English /s/-retraction by dialect and gender

The significant interactions from the third model,
for acoustic retraction in terms of retraction ratio,
are shown in Fig. 4, for Onset by Dialect
(F(14, 648.5) = 3.86, p < 0.001) and Fig. 5 for
Onset by Gender (F(2, 478.6) = 6.9, p < 0.001).
Duration was significant as before. /spr skr/ were
too sparse in Northern Cities Shifted dialects, and
this group was removed. Low numbers of tokens for
/sCr/ also make the data points for West U.S. and
Canada less reliable in Fig. 4.
Post-hoc tests confirm the main dialectal findings
to be: /s/ in /str/ is only retracted in Columbus
and Raleigh (cf [10, 34]), and Canadian English
for which no studies appear to exist. There is no
/str/ retraction in West U.S., or in Scottish English.
Neither American dialect shows /str/ to be more
retracted than the /spr skr/ clusters; /s/ COG does
not vary according to cluster type in the Scottish
dialects.
The difference between /sCr/ and /str/ clusters
is found only when viewing the distribution by

3.2. English prevocalic /s S/ by dialect and gender

The second model showed a similar effect
of duration on COG, and also showed
significant interactions of Onset by Gender
(F(1, 380) = 38.34, p < 0.001), and Onset by
Corpus (F(8, 415) = 11.37, p < 0.001). There are
clear differences in the production of both sibilants
by dialect; Fig. 2. Pairwise comparisons show that
U.S. dialects tend to show similar higher /s/ COGs
to each other, while Canadian and Scottish English
dialects pattern together in showing lower COGs.
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this dialect in context with others within and beyond
North America is encouraging.
The Scottish varieties are different, since they
pattern together showing the same moderate
retraction for /s/ in all clusters, with and without
/r/. Indeed it is difficult to anticipate the results
of /s/-retraction for Scottish English, especially for
cities like Glasgow, because prevocalic /s/ is known
to be auditorily and acoustically retracted [21]. Only
[11] has noted /s/-retraction as an audible process in
Scottish English.
The coincidence of /s/ COG in Canadian and
Scottish Englishes patterning together is intriguing,
especially given the attested historical links in
terms of migration. But we also note that the
Canadian COGs are overall lower, despite the
manual inspection of all recordings.
Further
Canadian data will resolve whether these lowered
values can be interpreted.
We did not find evidence for greater acoustic
lowering of /s/ in /str/ than in /spr skr/ clusters in
the dialects considered here (see [4, 32, 34, 26]).
But these clusters are distinguished in gendered
productions, across all dialects, and within the five
substantial dialect datasets which could be tested
in a model with a three-way interaction. The fact
that female speakers in general show lowered /s/
COG in /str/, contrary to any expectations from
possibly smaller vocal cavities, suggests that for
these dialects at least, female speakers may show a
degree of socially-indexed control in producing /str/
(the same may apply in reverse to male speakers for
/sCr/) [20]. Greater retraction could arise through
coarticulation with specific articulatory variants of
/r/, though for this cluster only; it could also arise
from liprounding [10, 30].
We intend to continue the work presented here
in a number of directions. Beyond expanding
the regional dialect scope of our sample, we
will also add time depth, both in terms of realand apparent-time [16] where corpora permit.
We intend to consider the impact on large-scale
perspectives on sibilants and /s/-retraction from
using alternative spectral measures [15], calculated
from multitapered spectra [29]. Like Boylan [7],
here the variable sibilant productions in spontaneous
speech presented some issues with using the
retraction ratio to characterise /s/-retraction; this
needs closer attention. Finally, our ongoing work
is now considering optimal ways of examining the
considerable inter-speaker variation, which in initial
plots, supports the assumption of the full range of /s/
realizations, also in ‘non-retracting’ dialects.

Figure 4: Model estimates of retraction ratio for
English /sC sCr str/ by dialect (n = 23,671)

Figure 5: Model estimates of retraction ratio for
English /sC sCr str/ by gender (n = 23,671)

Gender and Onset, see Fig. 5: female speakers
show less retraction than males for /sC sCr/, but
more retraction in /str/. Whilst we had suspected
that a three-way interaction might uncover an
additional relationship between Gender and Dialect
with respect to /s/-retraction, this was not found. We
fit a final model to a subset of the sample, removing
four dialect groups showing low ns for one or more
cluster; the same two interactions were confirmed as
reported here.
4. DISCUSSION
This study has attempted to scale up our perspective
on English /s/-retraction, by carrying out a
large-scale, comparable, acoustic analysis across
three national varieties and nine broad dialect
groups. In terms of the influence of phonetic context
on COG of /s/, our results largely align with those
of previous studies on American and Australian
English [4, 32, 7], which show relatively little
retraction in /sp st sk/, and greater retraction in /spr
skr str/ clusters. In this respect, we confirm Durian’s
[10] findings for Columbus, and Wilbanks’ [34] for
Raleigh. For the latter, we used slightly different
measures for a good portion of the same dataset
(though without respect to speaker age), and both
the coincidental results, and the ability to position
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ABSTRACT
Arabana has a three-way rhotic phoneme contrast: /r/
(alveolar trill) vs /ɾ/ (alveolar tap) vs /ɻ/ (retroflex
continuant). The rhotic contrasts are prosodically
restricted in Arabana. The triple contrast only appears
following the tonic vowel, which is the first vowel. In
other onset positions /ɻ/ is contrastive, but there is no
/r/ vs /ɾ/ contrast. There is no contrast in coda
positions. We undertook the first-ever production
study of Arabana rhotics. Recorded audio materials
were independently coded in PRAAT by two trained
transcribers. We found the following allophony: /r/ [r,
ɾ, ɹ]; /ɾ/ [ɾ, ɹ], /ɻ/ [ɻ]. The /r/ vs /ɾ/ contrast is thus
negatively determined, /r/ permits [r] realizations, but
/ɾ/ does not. The commonest realization of both /r/
and /ɾ/ is [ɹ]. The phoneme in neutralized coda
position is /r/. The high degree of overlap in
realizations between /r/ and /ɾ/ accords with reported
perception difficulties.
1. INTRODUCTION
Arabana is a highly endangered language of northern
South Australia. It is analysed as having a three-way
phonemic distinction in rhotics between an alveolar
trill /r/, an alveolar tap /ɾ/, and a retroflex continuant
/ɻ/ [6] (see Table 1 for the full phonemic inventory).
Three-way rhotic distinctions are rare in Australia [4],
and more generally [12]. In Arabana, this three-way
opposition is neutralized in various ways. The full
distinction is only found in onsets immediately
following the tonic vowel, which is the first vowel in
a word: e.g. /ˈparu/ ‘bony bream’ vs /ˈpaɾu/ ‘yellow
ochre’ vs /ˈpaɻu/ ‘light’. In coda position (before a
consonant), there is no distinction. In other post-tonic
onset positions, not immediately following the tonic
vowel, the continuant is distinguished, but there is no
tap vs trill distinction. Patterns of phonetic realization
in neutralized positions are not discussed in the
available materials. Hercus [6] notes further that
speech speed is a significant variable in contrastive
positions with the trill showing lenited tap
realizations at conversational speech rates. To date,
there has been no quantitative research on the
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phonetics of rhotics in Arabana. There is no data on
patterns of realization in positions of contrast, nor in
positions of neutralization, nor on how realizations in
positions of contrast and neutralization relate to one
another. To address this lacuna, we undertook a
production study of apical stops and rhotics in
Arabana.

stop
nasal
lateral
(rho.) trill
(rho.) tap
(rho.) cont
semi-vowel

lab
p
m

den
t̪
n̪
l̪

alv
t
n
l
r
ɾ

rfx
ʈ
ɳ
ɭ

pal
c
ɲ
ʎ

vel
k
ŋ

ɻ

w

j

Table 1: Phonemic inventory of Arabana in IPA
adapted from [4]. Rhotic segments in grey. There
are four phonemic vowels: /i, u, a, aː/.

2. METHODS
2.1. Stimuli and recordings

The data derives from recordings made by author 5 of
author 4, a male Arabana speaker in Alice Springs,
Australia, in July 2018. Author 4 is a first language
speaker of Arabana, who is literate in both Arabana
and English. Author 5 initially reviewed a 120-word
runsheet (extracted from [7]) with author 4. He
rejected some words and provided much
commentary. This resulted in a list of 25 headwords
sampling apical stops and rhotic segments from two
vowel environments (a_a and i_i) and three syllabic
environments: (1) first post-tonic onset (Ons1), e.g.
[wiɻimpiri] ‘wing feathers’; (2) other post-tonic onset
(Ons2/3), e.g. [mankara] ‘young, unmarried girl’; (3)
coda of tonic syllable (Coda), e.g. [ŋaɾka] ‘twilight’.
Headwords were grouped according to syllable and
intervocalic environment. Each headword was
assigned a unique identifier and a visual stimulus in
MS Powerpoint was created (see Figure 1 for an
example). The headwords were randomized for five

separate recording sessions made on consecutive
days. A Zoom H5 Handy Recorder with an in-built
microphone (sampling rate of 48 kHz and 24 bits per
sample) was used to make the audio recordings.
Prompted by the visual stimuli, author 4 was recorded
producing between 5 and 8 (median 6) tokens of each
headword on each of the 5 sessions. Headwords were
produced in isolation, without a carrier phrase.
Author 5 annotated the audio data in ELAN.

Figure 3: Tap [ɾ] in [aɾata] ‘above’: Break in
formant structure, indicating closure, followed by a
burst.

Figure 1: example of visual stimulus slide [10] for eliciting
[pirinti] ‘perentie (goanna sp.)’.

Figure 4: Continuant [ɹ] in [aɹata] ‘above’:
Continuation of formant structure with attenuation
of broadband energy visible in high frequency.

2.2. Annotation procedure and word selection

Each headword was presented to the annotators with
the segment of interest removed, e.g. [wiɻimpiri] →
[wi_impi_i] (‘wing feathers’), where the underscores
represent a rhotic. Each token was transcribed and
manually segmented using TextGrid files generated
in Praat 6.0.43 [2]. Two phonetically trained
annotators independently transcribed each token
using identical Praat spectrogram settings
(Frequency range = 0-8 kHz; Dynamic range = 40.0
dB, window length 0.005; mean intensity (db)
overlayed). Figures 2-5 show spectrograms and
partial
waveforms
illustrating
prototypical
realizations of [r, ɾ, ɹ, ɻ].

Figure 5: Continuant [ɻ] in [kaɻada] ‘north wind,
hot wind, heat’: Continuation of formant structure
with lowering of F3 on proceeding vowel. .

Figure 2: Trill [r] in [karanda] ‘to tie up’: Two
breaks in formant structure, indicating two closures,
with the first break followed by burst.

Phonetic transcription was based on a set of
acoustic criteria, supported by auditory impressions.
Two standard acoustic correlates of retroflex
articulation were used to confirm auditory
impressions of place opposition between alveolar and
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retroflex approximants: (1) Lowering of F3 in the
transition from the proceeding vowel (e.g. [5], [9]);
and (2) F3–F2 convergence (e.g. [11]).
For taps and trills, evidence of short apico-alveolar
contact and oral openings (two or more for trills) were
determined by a combination of the following: (1)
reduction in the amplitude (dB) in the waveform
relative to the spectral envelope; (2) a corresponding
drop in mean spectral energy (in dB); (3) attenuation
of broadband energy visible in the spectrogram
between ~500 – 5000 Hz (with loss of formant
structure). If the formant structure was not lost even
though attenuated, then the segment was coded as a
continuant (Fig. 3, 4). Trills were distinguished from
taps where these criteria were met multiple times,
indicating more than one cycle of closure and apicoalveolar contact. Based on these criteria, we
distinguished four phonetic realizations: [r] (alveolar
trill); [ɾ] (alveolar tap); [ɹ] (alveolar continuant); [ɻ]
(retroflex continuant).
From a pool of 870 tokens (= 5 sessions * 29
segments * median 6 tokens), the two annotators
produced 626 and 703 transcribed tokens
respectively, rejecting the rest. The reasons for
rejection include: (1) divergent forms with obscured
elicitation environments, (2) speaker’s selfcorrection, or (3) background noise. A reliability test
was then conducted between these two sets of tokens.
Out of 649 tokens for which both annotators had a
transcription, 473 tokens agreed on both place and
manner of articulation (72.88%). These are the basis
for the following analysis.
3. RESULTS & ANALYSIS
Table 2 shows the frequencies of the tokens of [r, ɾ, ɹ,
ɻ], sorted by syllable environment (see section 2.1)
and vowel environment.

Syllable
position
Coda
Ons1
Ons2/3

Vowel
enviro
-nment
a_Ca
i_Ci
a_a
i_i
a_a
i_i

Phonetic realizations
alv
alv
alv
rfx
trill
tap cont cont
[r]
[ɾ]
[ɹ]
[ɻ]
25
2
0
74
0
2
0
53
8
27
34
40
0
0
24
51
30
25
6
33
0
0
4
35

There are four principal observations from Table
2. First, the alveolar continuant, a realization not
discussed in Hercus, is the commonest alveolar
realization (n = 405): [ɹ] 193 (48%); [r] 112 (28%);
[ɾ] 100 (24%). Second, vowel environment has a
major effect on the distribution of alveolar
realizations: (1) a_(C)a [r] 112 (42% of alveolar
realizations); [ɾ] 98 (37%); [ɹ] 54 (21%) (2) i_(C)i [ɹ]
139 (99)%; [ɾ] 2, 1%; [r] 0 (0%). Third, syllabic
environment affects the distribution of alveolar
realizations, with coda and Ons2/3 positions showing
a substantially greater number of trill realizations (n
= 112) than Ons1 position: Coda, 74 (47%); Ons2/3,
30 (20%); Ons1, 8 (4%). Fourth, retroflex realizations
are absent in Coda position.
The distribution of phonetic realizations does not
map straightforwardly to that of proposed phonemes
in the dictionary. For example, it is not the case that
all [ɾ] tokens are realizations of /ɾ/. Rather, both [ɾ]
and [ɹ] may be realizations of /r/ and of /ɾ/. The
difference between /r/ and /ɾ/ in terms of realizations
is that /r/ shows trill [r] realizations, whereas /ɾ/ does
not. For example, /karanda/ ‘to tie up’ has [karanda],
[kaɾanda] and [kaɹanda] as potential realizations,
whereas /aɾata/ ‘above’ has only [aɾata] and [aɹata]
as potential realizations. This distribution of potential
allophony among tokens of the same headword
segment can be analysed in terms of standard lenition
relations. The classic phonological analysis of
variation between fortis and lenis realizations in postvocalic environments is that the underlying phoneme
is fortis, with lenis realizations being particularly
favoured in intervocalic position (e.g. [3]) and at
faster speech rates [1, 8]. We follow this standard
analysis and propose phonemes independently of the
dictionary forms. We assigned the phonemes to
headwords based on the “most fortis” (leftmost on the
cline) realization recorded for that headword.

Phoneme
alv trill
/r/
alv tap
/ɾ/
rfx cont
/ɻ/

Allophonic realizations
(fortis → lenis)
trill
tap
cont
[r]
[ɾ]
[ɹ]
[ɾ]
[ɹ]
[ɻ]

Table 3: Standard lenition relations

For example, if a headword was recorded with
allophones [r, ɾ, ɹ], then we assigned it /r/. If [ɹ] was
the only recorded allophone (which does not exist as
a phoneme per se in our analysis), we assigned it the
dictionary form – this was usually the trill [r]. Table
4 summarizes how our proposed phonemes are
realized as the allophones transcribed.

Table 2: Frequency of each annotated segment
(columns) by syllable and vowel environment (n =
473). Bolded cells indicate the most frequent
segment for that environment.
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Our analysis shows a three-way rhotic contrast: /r/
vs /ɾ/ vs /ɻ/. As Tables 2 and 3 show, however, there
is a substantial overlap in their phonetic realization.
There is, furthermore, a range of potentially lenited
realizations associated with each contrastive
phoneme. The trill has three realizations: /r/ → [ɹ],
[ɾ], [r]. Two of these allophones, [ɾ] and [ɹ], also
constitute the realization set for the tap /ɾ/.

Proposed
Phoneme
alv trill
alv tap
rfx cont

/r/
/ɾ/
/ɻ/

Allophonic Realizations
alv alv
alv
rfx
trill tap cont cont
[ɹ]
[r]
[ɾ]
[ɻ]
92
6
112 66
0
33
0
100
0
1
1
62

Table 4: Frequency of realizations for proposed
phonemes.

For the retroflex continuant /ɻ/ we expect only one
realization and no interaction with the alveolar series;
this is essentially the situation reported in Table 3.
However, there are six tokens of [ɻ] which overlap
with tokens that have been assigned the phoneme /r/,
as well as two tokens assigned with the phoneme /ɻ/
that are realized as an alveolar tap or continuant.
4. DISCUSSION
Our results are largely consistent with Hercus’ [6]
description. Hercus reports that there is a three-way
rhotic contrast (/r/ vs /ɾ/ vs /ɻ/) in Ons1 position. Our
data shows this contrast: [karanda] ‘to tie up’ vs
[aɾata] ‘above’ vs [kaɻada] ‘north wind’. Hercus
reports that even in Ons1 position both /r/ and /ɾ/ can
be realized as [ɾ] at faster speech rates. Our data
supports this even at normal speed. However, our data
shows that the overlap is not limited to [ɾ]
realizations, but also includes [ɹ] realizations. Indeed
[ɹ] realizations are the commonest realizations of /r/
and /ɾ/ across all positions (48% vs 28% for [r] and
25% for [ɾ]).
We suggest the three-way distinction presents
perceptual difficulties because of the significant
overlap in the realization sets of /r/ and /ɾ/. Tables 2
and 3 show that the realization set [ɾ, ɹ] of the tap /ɾ/
is a subset of the realization set [r, ɾ, ɹ] for the trill /r/.
For both phonemes, the continuant [ɹ] is the most
frequent realization. The distinction between /r/ and
/ɾ/ is that /r/ permits [r] realizations, whereas /ɾ/ does
not. Due to the large overlaps and the not immediately
predictable nature of the allophony, a large number of
tokens are needed for any individual word, before the
assignment of [ɹ] and [ɾ] realizations to either of the
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alveolar rhotic phonemes, /r/ and /ɾ/, can be
determined.
In Ons2/3 position, Hercus [6] reports that /ɻ/ is
contrastive, but there is no /r/ vs /ɾ/ contrast. We also
find a distinction between the retroflex and trill in this
context. However, our data also shows evidence for a
/r/ vs /ɾ/ distinction: [kalaɾa] (‘cloud’) vs [kungara]
(‘kangaroo’).
There was no evidence for rhotic contrasts in coda
position in our study, nor did we find instances of a
retroflex [ɻ] realization in this context. In coda
position, Hercus [4] reports that the place of the
following onset affects realizations, with laminal
onsets favouring [r] realizations. We did not examine
this factor. We found that vowel environments have a
significant effect on realizations in all positions,
including coda positions, with i_(C)i favouring
continuant [ɹ] realizations (see Table 2). Hercus does
not discuss vowel environments. As [r] realizations
occur with significant frequency in coda position (see
Table 2), and as other realizations can be explained
on the basis of the lenition pathway shown in Table
3, we analyse the neutralized coda rhotic as the trill
phoneme /r/.
5. CONCLUSION

Our study supports Hercus’ [6] principal analysis: (1)
that there is a three-way rhotic contrast in Arabana;
(2) that this contrast presents significant perceptual
difficulties; (3) that this contrast is subject to
prosodically conditioned neutralization. We ground
the perceptual difficulties in the high degree of
overlap in realization sets between the alveolar
rhotics. The relationship between overlap and
perceptual difficulties, as well as Hercus’ reports of
prosodically conditioned neutralization, are topics for
future research.
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ABSTRACT
This paper presents a first acoustic analysis of the
stops and affricates of the mixed language Light
Warlpiri (Australia). The results suggest that the
Light Warlpiri phonological inventory consists of a
voiced and voiceless series of stops and affricates,
differentiated by Voice Onset Time (VOT) wordinitially and by Constriction Duration (CD)
medially, by incorporating English-like VOT
differentiation and Constriction duration differences
found in Kriol and also in a number of traditional
Indigenous Australian languages. Word-initially,
stops from Warlpiri words pattern with
English/Kriol voiced stops; medially with the ‘long’
stops in Kriol, /c/ being the exception in patterning
with short /ʤ/, rather than the voiceless /ʧ/. This
inventory allows speakers of Light Warlpiri to
maintain sufficient phonemic contrasts to
accommodate vocabulary items in Light Warlpiri
sourced from English/Kriol as well as Warlpiri, the
Indigenous Australian language that they also speak.
Keywords: Light Warlpiri, stop consonants, mixed
languages, VOT, constriction duration.
1. INTRODUCTION
Light Warlpiri (LW) is a mixed language spoken in
the community of Lajamanu, in the Northern
Territory of Australia, by adults under
approximately age 40 and all children [1]. In
addition to vocabulary from the traditional
Australian Indigenous language Warlpiri, LW has
significant English and Kriol vocabulary (in the
following, we do not make explicit distinction
between ‘English’ and ‘Kriol’ words, though they
are separate (related) languages. The phonological
inventory of Warlpiri is similar to other Australian
Indigenous languages in that it has a single series of
voiceless stops, with five distinct Places Of
Articulation (POA) [2]. In contrast, Kriol and
Australian English use systematic Voice Onset Time
(VOT) differences to maintain stop contrasts, and, in
the case of (Roper) Kriol, also systematic
differences in stop Constriction Duration (CD), such
that voiceless stops are characterised by long CDs,
while voiced stops are characterised by much shorter
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CDs [3]. Such discrepancy in the phonological
inventories of the parent languages gives rise to
important questions about the phonological
inventories of mixed languages. Are such
inventories reflective of just one of the languages
(Warlpiri; English; Kriol), or are they reflective of
the needs for contrast maintenance faithful to the
inventories of each of the language, creating a
‘super-phonology’? Or, do they form ‘patchwork’
phonologies, where some contrasts from each parent
language are supported but not all? The present
paper presents an acoustic study of stop and affricate
voicing in LW, suggesting that speakers of LW use
VOT and CD to differentiate voiced and voiceless
stops and affricates with English/Kriol origins, and
that they produce Warlpiri stops in a manner
consistent with voiced English/Kriol stops in initial
position, and ‘long’ voiceless Kriol stops in medial
position. Analyses of other mixed languages, such as
Gurindji Kriol [4], offer suggestions of high degrees
of variability in VOT/CD contrast implementation
within and between speakers. It is not clear,
however, whether some of this variability is due to
differences in language background/use, or in the
analytic approach taken, relying on non-native
transcription and phoneme categorisation.
2. PARTICIPANTS AND MATERIALS
Ten female speakers of Light Warlpiri participated
in the study. Four speakers were in their 30s, three in
their 20s, and three between 17-19 at the time of
recording. All participants reported being first
generation Light Warlpiri speakers except the
youngest participant whose parents also speak Light
Warlpiri. In addition to Light Warlpiri, all speakers
reported speaking Warlpiri, as well as Australian
English, likely as a second language acquired
predominantly in a school setting. Targets were
elicited in LW carrier sentences nyampu ___ am
luking it: ‘this ___ I’m looking at it’; or nyampu ___
al pudum kuja: ‘this ___ I’ll put it thus’, in a picture
elicitation task, resulting in some variation in the
targets produced. Recordings took place at the
Batchelor Institute for Indigenous Tertiary
Education Learning Centre, or in a quiet home, in
Lajamanu, in the presence of the second author and

other speakers. All recordings had a 16-bit sampling
depth with a sampling rate of 44.1 KHz. Target
words were one-four syllables long (‘Casuarina’
being the only four-syllable word) and consisted of
words of Warlpiri as well as words of Kriol/English
origin. Words of Warlpiri origin typically had 2-3
syllables, while words of English/Kriol origin
typically had 1-2 syllables. The target words elicited
all Warlpiri stops in word-initial and word-medial
position: /p t ʈ ɽ c k/. Note that the /t ʈ/ distinction is
neutralised word-initially, where it is conventionally
transcribed as <t>, despite impressionistic
descriptions as [ʈ] [2, 5, 6, 7]. The target words also
elicited stops corresponding to /p b t d k g/ and
affricates /ʧ ʤ/ in words of English/Kriol origin.
The targets also included words realised in English
as fricatives /θ ð/, and impressionistically as dental
voiced stops in Kriol [3]. We label these as /T D/ to
distinguish them from /t ʈ d/. As Warlpiri does not
implement a voicing distinction in stops, but English
and Kriol do (albeit in two different ways: English
relies primarily on VOT, while Kriol relies on VOT
and Constriction Duration [3]), a key research
objective here is to identify the presence or absence
of a VOT and/or CD distinctions in Light Warlpiri.
We first present the VOT of word-initial stops and
affricates (see Section 3.1), and secondly, the VOT
and CD of word-medial stops (see Section 3.2). In
all analyses, we preserve the source language
phonological specifications: Words of English/Kriol
origin with voiceless/long stops are categorised as
‘voiceless/long’ stops in Light Warlpiri, while words
of
English/Kriol
origin
with
historically
‘voiced/short’ stops are categories as ‘voiced/short’
stops. Consistent with analyses of stop VOT in
Warlpiri [2], stops in Warlpiri words in Light
Warlpiri are phonetically voiceless.

dataset (see Table 1). The distribution of the
phonemes was also unbalanced (see Figure 1), and
no target words of Warlpiri origin elicited wordinitial /t/. English voiced and voiceless fricatives
were produced as stops in LW and labelled T and D
to distinguish them from /t/ and /d/. We conducted a
series of LMER models by POA, with speaker
included as a random effect. The results show that
there is a significant effect of ‘stop’ (English/Kriol
voiced; E/K voiceless; Warlpiri: p < .001) for the
bilabial POA, with post hoc comparisons showing
that only E/K /b/ and /p/ differed significantly (df
347; p < .001). For the two English/Kriol alveolar
stops /t/ and /d/, the LMER indicated a significant
difference (p < .001), while there was no significant
difference for the dental/fricative T and D. There
was also a significant effect of ‘stop’ at the Velar
POA (df 332; p = .025), with post hoc comparisons
showing that E/K /k/ was longer than Warlpiri /k/.
As the initial affricate/laminopalatal VOT dataset
was not normally distributed, we subjected the data
to a log10 (duration +1) transformation. The LMER
model revealed a significant effect of ‘stop’, with
post hoc comparisons indicating that English/Kriol
/ʧ/ differed from English/Kriol /ʤ/ and Warlpiri /c/
(df 215; p < .001, in both cases), while English/Kriol
/ʤ/ differed from Warlpiri /c/ (df 214; p = .0069).
Figure 1: Mean word-initial VOT in ms by source
language (English/Kriol v. Warlpiri). Numbers in
parenthesis indicate number of tokens. Error bars
reflect SD.
Mean initial VOT
120
100
80
60
40
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English/Kriol

/c/ (80)

/k/ (53)

/t/

/p/ (20)

/ʤ/ (65)

/ʧ/ (75)

/g/ (53)

T (44)

/t/ (76)

/d/ (80)

/k/ (231)

The target words yielded a total of 1133 word-initial
VOT measurements (See Figure 1). A small number
of words were excluded from analysis due to
environmental noise. We also excluded initial flaps
from the analyses presented here due to very large
differences in realisation of this phone in Warlpiri,
as any of the following [ɻ], [ɻɽ], [ɽɻɽ], [lɽ], and [ɽlɽ]
typically with rhotic elements 100+ ms [2], see also
[8], and impressionistically also in Light Warlpiri,
demanding a closer and more detailed analysis than
space allows here. English/Kriol source words
contributed 86.5% of the targets in the data set,
while Warlpiri contributed the remaining 13.5%.
The ten participants contributed unevenly to the

/b/ (232)

3.1. Word-initial VOT

/p/ (104)

0

D (20)

20

3. RESULTS

Warlpiri

Table 1: Word-initial individual speaker
contributions to the dataset. Freq. = number of
tokens contributed; % = percentage contribution.
Speaker

Freq.

A21

138

A31
A80

%

Speaker

Freq.

%

12.2

AC10

43

3.8

36

3.2

AC23

240

21.2

6

0.5

AC43

190

16.8

A82

167

14.7

AC58

143

12.6

AC09

143

12.6

AC66

27

2.4

3.1.1. English/Kriol /k g/ differentiation
The analyses above indicate that speakers of Light
Warlpiri do not implement a VOT-based contrast at
the velar POA. However, two competing alternative
explanatory hypotheses are also possible: (1) Light
Warlpiri has a VOT-based velar stop contrast but
does not conform to the lexical specifications of the
source languages (in all, or some words); (2) Some
LW speakers have a velar VOT-based stop contrast,
while others do not, as a result of on-going language
shift in the community. To address hypothesis (1), a
total of 252 VOT measurements were extracted from
a total of 14 English/Kriol words, beginning in either
/k/ or /g/ in the source language, for which at least
10 individual VOT measurements were available
(see Figure 2). The overall mean VOT by word was
53 ms, and as is clear from Figure 2, the VOTs of
the target words do not give indications of a bimodal
distribution: There is no obvious evidence that
words with source /g/ cluster in the lower VOT
range while words with source /k/ cluster in the
higher
VOT
ranges
observed
(though
impressionistically, Warlpiri words are more likely
to occupy in the lower VOT ranges in Figure 2). To
address hypothesis (2), we calculated individual
speaker VOT means for those speakers who
produced 6+ tokens in two velar ‘categories’:
English/Kriol /k g/ or English/Kriol /k/ and Warlpiri
/k/ (see Figure 3). This allows intra-speaker
assessment of VOT realisation and removes
confounding factors such as differences in speaking
rate and number of tokens. The results of unpaired ttests of individual VOT means indicate that for the
four speakers who satisfied the criteria above, both
participant AC23 and AC09 maintain a VOT-based
velar distinction (AC23: p < .001; AC09: p < .004).
The results also indicate that the English/Kriol /k/
versus Warlpiri /k/ VOT means of participant AC43
do not differ (p ns), while A21 produces shorter
Warlpiri /k/ than English/Kriol /k/ (p = 0.027).
Figure 2: Mean VOT of words with either /g/ or
/k/. Number in parenthesis indicates the number of
tokens per word. Error bars indicate SD.
120
Mean VOT, source /k/ and /g/
100
80

Figure 3: Velar VOTs by speakers who produced
6+ tokens in two categories. ‘W’ indicates
Warlpiri source word. Numbers in parenthesis
indicate number of tokens. Error bars indicate SD.
120
100

Velar VOT by speakers with 6+ tokens in more
than one category

80
60
40
20
0
/k/ (49) /g/ (13) /k/(33) /g/ (9) /k/ (43) W /k/ /k/ (17) W /k/
(9)
(22)
AC23

AC09

AC43

A21

3.2. Word-medial VOT and Constriction Duration

The recordings yielded a total of 787 measurements
from 416 individual tokens: 371 VOT and 371 CD
measurements, as well as duration measurements of
45 (voiced) tap realisations of stops (English/Kriol:
eight /t/s (M 21 ms; SD 7 ms); one /d/ = (33 ms); ten
Ts (M 16 ms; SD 6 ms); and 26 Warlpiri /ɽ/s (M 27
ms; SD 8 ms), again not discussed further here. All
tokens were extracted from a /VCV/ context, within
a single morpheme (no stops straddling a morpheme
boundary). As was the case for the word-initial
stops, the targets yielded an unbalanced contribution
of tokens by the speakers (see Table 2), as well as an
unbalanced distribution of stops and affricates (see
Figures 4 and 5), and words of English/Kriol origin
were overrepresented (64% of the dataset).
Table 2: Word-medial individual speaker
contributions to the dataset. Freq. = number of
tokens contributed; % = percentage contribution.
Speaker

Freq.

%

Speaker

Freq.

%

A21

115

14.6

AC23

159

20.2

A80

16

2

AC31

10

1.3

A82

111

14.1

AC43

129

16.4

AC09

94

11.9

AC58

95

12.1

AC10

39

5

AC66

19

2.4

3.2.1. VOT in word-medial stops

60

The medial VOT results are presented in Figure 4.
We again conducted a series of LMER models of
medial VOT by POA, with speaker included as a
random effect. The medial bilabial, alveolar, velar
and affricate/laminopalatal stop VOT measurements
were not normally distributed, and all medial VOT
data
was
consequently
log
transformed

40
20
0
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log10(duration +1). There was no effect of ‘stop’ at
the bilabial, alveolar, or velar POAs, while there was
a significant effect of ‘stop’ (df p < .001) for the E/K
affricates and W laminopalatal stop. Post hoc
comparisons revealed that E/K /ʧ/ differed from
English/Kriol /ʤ/ (df 9.67; p = .0017), as well as
from W /c/ (df 57.77; p < .001).

Figure 5: Mean word-medial CD. Numbers in
parentheses indicate number of observations.
Error bars indicate SD.
Mean CD duration (ms)

200
150
100

Figure 4: Mean word-medial VOT. Numbers

of

English/Kriol

/c/ (16)

/k/ (52)

/t/ (9)

/ʈ/ (13)

/p/ (39)

/ʤ/ (5)

/ʧ/ (40)

/g/ (23)

T (1)

D (3)

/t/ (17)

/k/ (29)

60

/d/ (16)

0

Word-medial VOT (ms)

80

/b/ (67)

50

/p/ (41)

in
parentheses
indicate
number
observations. Error bars indicate SD.

Warlpiri

40

4. DISCUSSION

English/Kriol

/c/ (16)

/k/ (52)

/t/ (9)

/ʈ/ (13)

/p/ (39)

/ʤ/ (5)

/ʧ/ (40)

/g/ (23)

D (3)

/k/ (29)

T (1)

/d/ (16)

/t/ (17)

/b/ (67)

0

/p/ (41)

20

Warlpiri

3.2.2. CD in word-medial stops
The medial CD results are presented in Figure 5.
Finally, we conducted a series of LMER models of
medial Constriction Duration (CD), again with
speaker included as a random effect. The medial CD
measurements at the bilabial and alveolar as well as
the affricate/laminopalatal stops were not normally
distributed and subjected to a log10 (duration+1).
The results of the LME indicated that there was a
significant effect of ‘stop’ (p < .001), and post hoc
comparisons showed that English/Kriol /b/ differed
from English/Kriol /p/ (df 144; p < .001) as well as
from Warlpiri /p/ (df 132; p < .001) . There was also
a significant effect of ‘stop’ (p < .001) at the
alveolar POA, with post hoc comparisons showing
that English/Kriol /d/ differed from English/Kriol /t/
(df 38.4; p = .045), and from Warlpiri /t/ (df 36.3; p
< .001). English/Kriol /t/ also differed from Warlpiri
/t/ (df 38.6; p = .0041). Finally, there was a
significant effect of ‘stop’ (p < .001) at the velar
POA, and post hoc comparisons showed that
Warlpiri /k/ differed from English/Kriol /k/ (df 96.5;
p < .001) and /g/ (df 98.2; p < .001). In the case of
the English/Kriol affricates /ʧ ʤ/ and the Warlpiri
lamino-palatal stop /c/, there was a significant effect
of ‘stop’ (p < .001), and a final set of post hoc
comparisons indicated that English/Kriol /ʧ/ differed
from English/Kriol /ʤ/ (df 5.66; p = .02) as well as
from Warlpiri /c/ (df 55.42; p < .001).
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The present study presents a first acoustical analysis
of the stop and affricate inventory of the Australian
mixed language Light Warlpiri, which incorporates
elements from the Indigenous language Warlpiri and
English/Kriol. Phonologically such a ‘marriage’
poses specific challenges, in particular when the
phonemic inventories of the source languages are
vastly different and adopting a strategy of using one
or the other inventory solely will potentially lead to
a great deal of lexical confusion. The study reported
here shows that speakers of Light Warlpiri manage
this task effectively by having amalgamated the
inventories of Warlpiri and English/Kriol in such a
way that they maintain the largest possible set of
contrasting phones: they maintain the five places of
articulation in Warlpiri, and incorporate voicing
distinctions from English and/or Kriol, and CD
contrasts likely from Kriol, to form a comprehensive
inventory: /p b t d ʈ ɽ <k> ʧ/, as well as /ʤ/ and/or
/c/, and potentially a dental stop (T/D). Perhaps
surprisingly, speakers however, do not implement
such changes by the simple addition of a ‘voiced’ or
‘voiceless’ series to complement the series of
phonetically voiceless stops in Warlpiri. Rather, in
word-initial position, speakers have incorporated a
phonologically voiceless series of stops in addition
to the phonetically voiceless Warlpiri series, into
which English/Kriol voiced phonemes fall. Wordmedially, speakers appear to have incorporated a
series of short CD stops for English/Kriol words,
while enhancing the acoustic saliency of Warlpiri
stops and English/Kriol voiceless stops (as opposed
to voiced stops) with an extended CD, much like in
Kriol. Some evidence suggests that an additional
medial VOT distinction is emerging, also
commensurate with that in Kriol.
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ABSTRACT
Ninde, an Oceanic language of Vanuatu, contrasts an
alveolar lateral approximant with a second lateral
phoneme that patterns phonologically with the uvular
fricative and in careful speech involves an interdental
constriction. In this paper I compare spectral
properties of the two segments and formant transition
out of each segment for three vowels /a e o/.
Center of gravity, skew, and kurtosis do not
distinguish the two, indicating that the second lateral
phoneme is not a fricative, as some previous work has
suggested. The only factor that significantly
distinguishes transitions from the two laterals is the
average F2 value, which is lower for vowels
following the non-alveolar lateral. This is consistent
with a more posterior dorsal constriction than that of
the alveolar lateral. Given the phonological behavior
of this segment, I propose that it involves a uvular
constriction.

Keywords: acoustics, laterals, Vanuatu, phonation,
language documentation
1. INTRODUCTION
This paper presents an acoustic analysis of a contrast
between two lateral phonemes in the Oceanic
language, Ninde. This contrast is diachronically
unstable and is currently only preserved by a subset
of older fluent speakers. One lateral is the alveolar
approximant /l/, while the other has not been
accurately identified; its phonological and
articulatory properties point in different directions for
its identification. Our analysis shows that the acoustic
correlates of this second lateral, most significantly a
lowered F2 for following vowels, are consistent with
a uvular constriction.
2. THE NINDE LANGUAGE
Ninde is an Oceanic language spoken in the South
West Bay region of Malekula, Vanuatu. There are
approximately 1,000 speakers across five villages
(Lawa, Labo, Lorlow, Mahapo, and Windua) two
hamlets (Enimb and Lamlow) and scattered smaller
hamlets throughout South West Bay.
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Many of the typologically rare phonetic and
phonemic features of Ninde are common on
Malekula, e.g. bilabial trills and labialized bilabials,
but Ninde is set apart from neighboring languages by
its phonetics and phonology. The historical origin of
the uvular fricative in Proto-Oceanic *r is unique
among the languages of Malekula; the high front
rounded vowel is an innovation unique to Ninde; and
the second lateral phoneme is not found anywhere
else on the island.
2.1. Previous research on Ninde

Ninde has been the subject of some study [10][6] but
largely in the realm of morphosyntax. Ninde is also
included in Charpentier’s Atlas Linguistique du SudMalakula (Vanuatu) [2], and the anthropologist
Bernard Deacon spent time in South West Bay [4].
Crouch and Schaefer (2017)[3] provides a new
overview of language based on fieldwork done in
2015 and 2016.
2.2. Previous transcriptions of the non-alveolar lateral

The transcription of the second lateral phoneme has
been inconsistent over time, which is to be expected
given the diachronic instability of the segment. Early
work, included missionary translations of the New
Testament, do not transcribe a second lateral
phoneme. Later sources are consistent in noting the
presence of what speakers sometimes refer to as
‘heavy l’ and there is consistency across sources in
transcribing certain words with ‘heavy l.’ However,
different strategies for writing and transcribing this
sound are used.
Charpentier[2] notes ‘heavy l’ by adding a dot to
a regular ‘l’, and does not make any claims about the
phonemic or phonetic nature of the segment. Dimock
et. al.[6] consider it to be a voiced alveolar lateral
fricative [ɮ]. Crouch and Schaefer[3] follow this
convention. Literacy materials developed in 2015 as
part of a teacher training initiative run by the Vanuatu
Department of Education use ‘th’ to represent ‘heavy
l’, because of the presence of interdental contact in
careful speech.
2.3 Non-acoustic properties of the non-alveolar lateral

The non-acoustic properties of ‘heavy l’ (abbreviated
as ‘hl’ from this point forward) are contradictory and

unique. Phonologically, ‘hl’ patterns with the uvular
fricative. Its distribution is restricted; it cannot appear
adjacent to high vowels. ‘hl’ also lowers adjacent /e/
to [a], which the uvular fricative does as well. This
process is blocked by word-final [a]-raising.
The articulation of this segment is not obviously
uvular at first observation. Production of ‘hl’ does
involve a lower jaw position than production of [l],
but in careful speech the tongue pokes out from
between the teeth for ‘hl.’ Speakers specify that the
tongue curls over the upper teeth during ‘hl’, and
observation reveals that lip-rounding is also a
component of careful production of ‘hl’.
Speakers also describe a tenseness in the throat
for ‘hl’, as though a heavy object is placed on their
heads and reject pronunciations of ‘hl’ as a simple
interdental fricative.
3. METHODOLOGY
This study uses data from four speakers, all of whom
live in or near Lawa village. Three speakers are
members of the same family, and the fourth has lived
near Lawa for decades, though she is not originally
from the area. Her speech is not identified as
containing any dialectal features that set it apart from
Ninde as spoken in Lawa.
All speakers were recorded with a Zoom H8
camera and a Zoom H4N recorder with either a Shure
SM10A-CN headworn microphone or a Sennheiser
EW 100 wireless lapel microphone. The recordings
used for this study are all from lexical elicitation
sessions, so the speakers are talking more slowly and
there is much less segment reduction and deletion
than there is in casual, rapid speech.
Measurements of the lateral segments themselves
used a set of 247 tokens across both lateral types, with
both segments appearing in word-initial and wordmedial contexts. For measures of formant transitions
out of a lateral, 143 tokens of intervocalic laterals
were used, with a roughly even distribution between
the two lateral and three vowel categories.
3.1 Acoustic analysis

Three types of measurements were taken: spectral
moments of the laterals themselves, formant
measurements for the transition out of the laterals,
and measures of phonation for both the laterals and
the vowel. The beginning of the vowels was
determined based on the increased intensity
associated with vowel as opposed to the laterals. The
spectral moments measured were center of gravity,
skew and kurtosis [5]. H1-H2, H1-A1, H1-A2, and
H1-A3 were measured for phonation quality. Each set
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of measurements tests a specific hypothesis about the
non-alveolar lateral. They are, in order:
(1) The non-alveolar lateral is not a fricative,
despite previous work suggesting this
(2) The non-alveolar lateral has a uvular
constriction
(3) The non-alveolar lateral differs in
laryngeal setting from the alveolar lateral
Evidence for the second hypothesis has been laid
out in section 2.3. The third hypothesis is formed
based on the likely historical origin of ‘hl’. In related
languages, we find voiceless fricatives and /l/ where
Ninde has ‘hl.’ The most likely source for Ninde ‘hl’
is the coalescence of voiceless fricatives with the
alveolar lateral approximant. Because of the
competing requirements of the vocal folds for those
two kinds of segments (abduction and adduction,
respectively) we might expect that a non-modal
phonation, most likely breathy voice, was the result
of this process.
Recordings were analysed in Praat using a series
of Praat scripts to extract formant measurements at
three points during the first quarter of the vowel.
Spectral moment and phonation measurements were
taken at three points over the entire segment, both for
laterals and for the following vowel in the case of
phonation measurements [11]. Data were then
analysed in R [1].
4. RESULTS
4.1. Spectral moments

None of the spectral moments were significantly
different for the two laterals.
4.2. Formant transitions

Visual exploration of the data indicated that the first
two formants were likely to be significant correlated
with the identity of the preceding lateral. A
generalized linear mixed effects model with
dependent variable Lat (preceding lateral),
independent variables MeanF1 and MeanF2, and
random effects Speaker and Vowel showed that
MeanF2 was significant (p<.001) in distinguishing
the identity of the preceding lateral, but that MeanF1
was not. Post-hoc t-tests showed that F2 was
significant at all three points of measurement: 1/16 th
of the way through the vowel, 1/8th and 1/4th. Figure
1 below shows the mean F2 values for each vowel
quality after ‘hl’ and ‘l’. Vowel quality is on the xaxis, always in the order /a e o/, and mean F2 is on
the y-axis. The ‘hl’ condition is the right of each
pair, and ‘l’ is the left.

Figure 1: Boxplot of mean F2 values by vowel
quality and preceding lateral

4.3. Phonation measures

No relationship was found between the identity of a
preceding lateral and these measurements for
vowels; ‘hl’ is not pre- or post-aspirated.
For the laterals themselves, however, visual
exploration of the data indicated that H1-A2 and H1A3 were the two measures most likely to be
significant. A generalized linear mixed effects model
with Lateral Types as the independent variable,
Average H1-A2 and Average H1-A3 as the
independent variables, and Speaker as a random
effect, showed that both measures were significant
predictors of lateral type. H1-A2 was more
significant, and Figure 5 below shows the mean
differences (scaled) between the laterals for H1-A2
at all three timepoints. ‘l’ is the top line, and hl’ is
the bottom line.

Figures 2-4 show the F2 values for each vowel and
preceding lateral condition at each of the three
timepoints measured.
Figure 2: Boxplot of F2 differences at first
timepoint

Figure 5: Mean differences in H1-A2 at all three
timepoints

Figure 3: Boxplot of F2 differences at second
timepoint

Most striking about this is that ‘hl’ has consistently
and significantly lower values for H1-A2, which is
the opposite of what is expected for a breathy
segment. ‘hl’ does have higher H1-A3 values than
‘l’, but this is a less significant relationship. Figure 6
below shows average H1-A2 plotted against H1-A3.

Figure 4: Boxplot of F2 differences at third
timepoint
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Fitted lines for both ‘hl’ and ‘l’ are included; the line
for ‘hl’ is the upper line, and ‘l’ the lower.
Figure 6: Mean H1-A2 vs mean H1-A3 for lateral
type

who preserve the contrast. This instability is likely
due to the variety of cues to this segment, and the fact
that while it is visual salient in careful speech, it is not
in casual speech. In fact, in casual speech there is
often no visual evidence of an anterior constriction at
all.
6. CONCLUSION
This paper presented an acoustic analysis of the
lateral contrast in Ninde, which has never been fully
described before. The results show that the nonalveolar lateral likely has a uvular constriction,
which is to be expected given the phonological
patterning of the segment. Additionally, the paucity
of segment-internal cues to identity helps to explain
the diachronic and synchronic instability of the nonalveolar lateral.
7. REFERENCES

5. DISCUSSION
The lack of significance for any of the spectral
moments tells us that ‘hl’ is likely not a fricative,
confirming the hypothesis put forward in section 3.1.
The lowered F2 in transitions out of ‘hl’ is
consistent with a dorsal constriction. Because of the
phonological behaviour of ‘hl’ this constriction is
likely a uvular one. Additionally, alveolar laterals
have been shown to have posterior (velar)
constrictions [8], so the constriction for ‘hl’ is further
back than this. This also explains the lower jaw
position during the production of ‘hl’.
The phonation measurements are the most
surprising. The hypothesis was that ‘hl’, as a result of
its origin in voiceless fricative + /l/ sequences, may
show some pre- or post-aspiration, or a degree of
breathiness during the segment itself. The slightly
higher H1-A3 found for ‘hl’ as compared to ‘l’
supports this hypothesis, but ultimately it has to be
rejected because H1-A2 is significantly higher for ‘l’
than for ‘hl’. This indicates that there may be
significant differences in phonation between the two
segments but further research, ideally using an EGG
is necessary.
The uvular constriction of ‘hl’ should be
considered its defining feature despite the interdentalto-linguolabial anterior constriction found in careful
speech. The anterior constriction is not maintained in
rapid speech, and the uvular constriction dictates the
phonological behaviour of the segment.
It must be noted, however, that this is a
diachronically unstable segment and is merging or
has already merged with /l/ in both production and
perception for many speakers, even those who were
raised in a Ninde-speaking environment by families
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ABSTRACT
Ahamb, an endangered and previously undocumented
language of Malekula Island in Vanuatu, has two
phonemic bilabial trills - a prenasalised voiced /ᵐʙ/
(with a complementary voiceless allophone wordfinally) and a plain voiceless /ʙ̥/. This paper adds to
our knowledge about these rare sounds by describing
their acoustic and articulatory properties, including
measurements of the nasal and/or oral closure
duration and the frequency of vibration. Such data for
bilabial trills in other languages are rare, especially
for /ʙ̥/. The analysis is based on audio recordings of
citation forms for 11 speakers and examples extracted
from connected speech.
The results suggest that prenasalisation, rather
than voicing is the primary cue for contrast between
/ᵐʙ/ and /ʙ̥/. Besides, in some realisations of Ahamb
bilabial trills, trilling appears to fail. Evidence from
slow motion video recordings of Ahamb speakers
suggests that in some such examples the lips may still
oscillate without producing complete closure.
Keywords: bilabial trill, prenasalisation, Malekula,
Ahamb
1. INTRODUCTION
Bilabial trills are typologically rare [11]. Most
languages with bilabial trills are geographically
clustered in a handful of “hotspots” including Central
Africa, Papua New Guinea and Malekula Island in
Vanuatu [9]. Bilabial trills have two main portions: a
bilabial closure followed by a period in trilling. They
can be plain (voiced or voiceless) or may be
prenasalised. For the prenasalised trill the bilabial
closure period normally involves a relatively long
nasal closure (lips closed, nasal airflow present)
followed by a shorter oral closure (absence of both
nasal and oral airflow). Plain trills feature a long oral
closure. Both trill categories normally involve a
period in trilling with 2-3 trill periods (oscillations of
the lips). When the lips are oscillating in a trill, they
do not always make full contact, especially in the
second or subsequent oscillations [11]. Sometimes
trilling seems to fail to occur where it is expected [6,
11, 18], which is a feature of trills in general [10].
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Of the 32 languages of Malekula, at least a dozen
are known to have a prenasalised voiced bilabial trill
[ᵐʙ], either phonemic or as a variant of /ᵐb/ [1, 5, 7,
8, 9, 11, 15]. A non-contrastive plain voiceless [ʙ̥] as
a variant of /p/ has been documented in two of these
languages [1, 5].
Ahamb (ISO639-3: ahb) is an endangered
language with around 950 speakers, most of whom
live on a small island of the same name off the
southern coast of Malekula. The two previous
publications about Ahamb were wordlists [4, 17],
neither of which identified bilabial trills in the
language. Current work on Ahamb, as part of a wider
language documentation project, shows that both [ᵐʙ]
and [ʙ̥] are phonemic in this language, as illustrated
by the contrastive set /ᵐʙus/ ‘to squeeze’, /ʙ̥us/
‘coconut milk’, /ᵐbus/ ‘plain’, /pus/ ‘to ask’ [19].
Both trills occur in the syllable onset before /u, y, ə/,
with /ᵐʙ/ also possible before /i/; /ᵐʙ/ can also occur
word-finally, where it is devoiced: /xaᵐʙ/ [xaᵐʙ̥]
‘fire’. Besides the bilabial trills, the phoneme
inventory of Ahamb also includes: /ᵐb, p, ⁿd, t, ᵑg, k,
ⁿᵈr, r, m, n, ŋ, v, s, x, tʃ, l, j, w/, and the vowels /i, e,
y, ø, a, o, u, ə/.
This paper adds to our knowledge about these rare
sounds for which data is scarce, especially for /ʙ̥/,
whose phonetic properties have received little
attention in investigations of other languages [1, 5,
12, 13, 14]. More specifically, it aims to establish the
acoustic and articulatory characteristics of /ᵐʙ, ʙ̥/ in
Ahamb, including measurements of the duration of
the nasal and oral closures and the frequency rate of
trilling. Variants of bilabial trills where trilling
appears to fail to occur are also discussed in this
context. The characteristics that distinguish the two
types of trills are identified.
2. DATA AND METHODOLOGY
2.1. Speech material, recording procedures and
participants
The analysis presented in this paper is based on
controlled wordlist data and connected speech
collected in 2017 and 2018 by the author.
For the controlled wordlist data, 11 speakers (six
women aged 18-43 and five men aged 23-53) were
recorded producing target words from the wordlist in

citation form. When it seemed unnatural for a target
word to appear on its own, it was included in a short
carrier phrase. During the recordings, the author
almost exclusively used prompts in Bislama and the
speaker produced each form three times. The second
repetition was used for analysis. The wordlist data
come from a list of around 250 Ahamb words
including words containing /ʙ̥, ᵐʙ/, which were
randomly dispersed in the list.
These data were recorded in two sessions for each
speaker. Firstly, all words were recorded at 16bit/48kHz using a Shure WH20 headset microphone
with a ZOOM H4N audio recorder or a ZOOM Q8
video recorder. Of the 250 words, 28 were used for
the present analysis including 12 forms with syllableinitial /ᵐʙ/ (e.g. /ᵐʙutᵐʙutat/ ‘entangled’, /ᵐʙynsi/ ‘to
look’, /nmaᵐʙən/ ‘chest’, /suᵐʙin/ ‘meeting’), 6 forms
with word-final /ᵐʙ/, and ten forms with /ʙ̥/ (e.g. /ʙ̥ur/
‘to trade’, /ʙ̥ys/ ‘to blossom’). A total of 209
occurrences of /ᵐʙ/ (143 of ᵐʙV and 66 of -ᵐʙ∅) and
110 occurrences of /ʙ̥/ were analysed. These
recordings were used for calculating bilabial closure
duration and the frequency rate of trilling.
Simultaneously with these audio recordings, the
speakers’ faces were recorded using a GoPro Hero 3
video camera at 120fps (2017) or a GoPro Hero 6 at
240fps (2018). The video data were used in the
analysis of lip movement and contact.
Secondly, in separate sessions, the same speakers
were recorded producing words from a subset of the
main wordlist for the purpose of analysing nasal
duration. The recordings were made using earbud
headphones as microphones, as described by Stewart
and Kohlberger [16]. This accessible method involves
one earbud placed in front of one nostril and the other
next to the mouth to produce a stereo recording that
captures the relative intensity of sound exiting the
nasal and oral cavities in different channels. Using
this method, nasal duration can be more easily and
precisely measured as the nasality cut-off point is
clearly seen in waveforms and spectrograms, even if
the recordings are otherwise of relatively poor
quality. These recordings were made according to the
guidelines provided by Stewart and Kohlberger [16]
using a ZOOM H4N recorder at 16-bit/48kHz.
Earbud recordings were used to calculate the nasal
portion as a percentage of the total period of bilabial
closure for /ᵐʙ/. This analysis is based on 107
occurrences of /ᵐʙ/ and 37 occurrences of /ʙ̥/.
All speakers for the wordlist data were born and
spent most of their lives on Ahamb Island and reside
there at present. In this paper the speakers will be
referred to with the letter F (female) or M (male),
followed by the speaker’s age.
For the connected speech corpus, over 20 hours of
recorded natural speech were transcribed and
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translated. Over 50 speakers aged 18-87 were
recorded. Recordings included narratives, procedural
texts, dialogues and targeted elicitation. Sound was
captured primarily using an Audio Technica BP4025
cardioid microphone or, occasionally the Shure
WH20 headset microphone or the ZOOM H4N and
ZOOM Q8 inbuilt microphones. Most connected
speech recordings therefore captured more
background noise than the wordlist recordings. A
total of 100 tokens with /ᵐʙ/ and 40 tokens with /ʙ̥/
were extracted. Of them 22 realisations of /ᵐʙ/ and 6
of /ʙ̥/ were considered “successful” and analysed.
2.2. Data processing and analysis
Waveforms and spectrograms were inspected in Praat
[3]. The durations of bilabial closure and period in
trilling were measured and the number of visible trill
periods were counted. Following Maddieson [11],
one trill period is defined as the period between a
release of the bilabial closure and the end of a
following (at least partial) bilabial contact. On a
waveform and spectrogram this is manifested in a rise
in amplitude and airflow (release) followed by a drop
in amplitude and airflow (contact). Most often, the
first trill period is more pronounced and any
subsequent trill periods are weaker. When a trill was
expected but no trill period was observed on the
spectrogram and waveform, the trill was classified as
“failed” (hereinafter referred to as a failed trill as
opposed to a successful trill). Examples from the
wordlist data where the above pattern was not present
or had only one weak trilling period, were identified
in the video recordings and the movement of the lips
was observed at slow motion.
The earbud recordings were used to measure the
duration of the nasal and oral closure during the
period of lip closure. Absence of intensity in the oral
channel of the recording indicates bilabial closure.
Nasality is observed as the presence of waveform in
the nasal channel.
3. RESULTS
3.1. Bilabial closure
The mean duration of bilabial closure for the wordlist
data was 111 ms (s.d. = 27) for /ᵐʙ/ and 125 ms (s.d.
= 40) for /ʙ̥/. The mean percentage of the nasal
closure as part of the bilabial closure for /ᵐʙ/ is 70%
(s.d. = 11), calculated from the earbud recordings, see
Figure 1.
Interspeaker variation was substantial. The mean
closure duration for /ᵐʙ/ varied between 95 ms and
160 ms with the nasal closure percentage varying
between 58% and 83%. The mean closure duration
for /ʙ̥/ varied from 101 ms to 161 ms. Bilabial closure

duration for both /ᵐʙ/ and /ʙ̥/ was consistent for each
speaker, so for example if a speaker had long bilabial
closure for /ᵐʙ/, it would be relatively long for /ʙ̥/ too.
Figure 1. Mean duration of the bilabial closure for /ᵐʙ,

ʙ̥/, and nasal and oral portions for /ᵐʙ/.
/ᵐʙ/

78

/ ʙ̥ /

3.3. Successful and failed trills
The success rate of trilling was relatively low, as can
be seen in Table 1.

33
125

nasal closure (ms)

Figure 2 shows examples of three clear trill
periods for [ᵐʙ] and [ʙ̥] and four for [ᵐʙ̥]. When the
period in trilling is substantial, it often overlaps with
the following vowel (when it is a monophthong).

Table 1: Instances of successful trilling for /ᵐʙ, ʙ̥/.

oral closure (ms)

The significant nasal portion for /ᵐʙ/ and the
significant oral closure for /ʙ̥/ suggest that
prenasalisation rather than voicing is the primary
contrast between Ahamb’s bilabial trill phonemes,
which reflects a similar distinction between plosives.
3.2. Trilling
Realisations with one to four trill periods were
observed during spectrogram and waveform analysis.
Most commonly two trill periods were observed.
Figure 2: Waveform and spectrogram for [ᵐʙ], [ʙ̥]
and [ᵐʙ̥] demonstrating clear trill periods and their
acoustic realisation. In this example of [ʙ̥], the trill
overlaps with the following vowel and a clear vowel
segment is missing. See [19] for the audio data.

Trill type
Successful trills
Wordlist data:
ᵐʙV (n=143)
85 (59%)
26 (39%)
-ᵐʙ∅ (n=66)
ʙ̥
(n=110)
48 (44%)
Connected speech data:
ᵐʙV (n=78)
20 (26%)
1 (4.5%)
-ᵐʙ∅ (n=22)
ʙ̥
(n=40)
6 (15%)
Interspeaker variation for the wordlist data was
considerable. One speaker did not produce any
successful trills and 3 speakers produced only one or
two successful trills (of the ᵐʙV type). On the other
extreme, for one speaker all trills were successful and
four speakers produced no more than seven failed
trills. Success rates were lower in connected speech,
which can be attributed to the higher speech rate and
other effects of connected speech. This variation
suggests that the trills have low functional load,
which is also supported by the fact that there are few
minimal pairs contrasting trills and plosives.
Figure 3: Waveform and spectrogram for failed
variants of /ᵐʙ/ (fricated release) and /ʙ̥/ (plosive
release). See [19] for the audio data.
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Failed variants of bilabial trills in other languages
have been described as “one-tap trills” [6] or “stops
with fricated release” [18]. In this analysis any forms
without the amplitude and airflow pattern described
in Section 2.2, were considered failed variants. They
can be divided into two general types according to the
observed closure release: (a) fricative-like release - a
weak release followed by a period of turbulent
airflow, and (b) plosive release – a very short sudden
release, almost immediately followed by the vowel
(or silence word-finally). Figure 3 above shows a /ᵐʙ/
with fricated release word-finally and a /ʙ̥/ with
plosive release.

4. DISCUSSION AND CONCLUSIONS

3.4. Frequency rate of trilling
Table 2 lists the mean frequency rates measured in
this study. The connected speech data were not
broken down by type of trill, because too few
successful tokens with /ʙ̥/ and word-final /ᵐʙ/ were
identified in the sample.
Table 2: Mean frequency rate of trilling for
successful bilabial trills in wordlist data and
connected speech.

Trill type

Figure 4: Waveform and spectrogram showing one
clear trill period, compared to two clear oscillations
of the lips in the video recording [19].

Mean frequency
rate of trilling (Hz)

Wordlist data:
ᵐʙV
28.3 (s.d. = 3.8)
24.9 (s.d. = 3.3)
-ᵐʙ∅
ʙ̥
29.5 (s.d. = 5.7)
Connected speech data:
All trill types
28.1 (s.d. = 6.4)
The results show no considerable difference
between /ᵐʙ/ and /ʙ̥/. A slower trilling rate was
observed for /ᵐʙ/ word-finally.
3.5. Lip movement
Observations of the slow motion video recordings of
Ahamb bilabial trills showed that at least in some
cases weak oscillations were visible even when they
were not clearly detectable on the waveform and
spectrogram, both in failed and successful trills (e.g.
one trill period is heard but two oscillations of the lips
are seen), cf. Figure 4 and the corresponding video
[19]. Only one trill period could be identified on the
spectrogram but at least two clear oscillations of the
lips can be observed in the video. The video also
demonstrates that the lips are looser and less rounded
for the trill than for a plosive in the same
environment.
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This investigation provides a phonetic study of two
rare sounds using newly collected data from an
endangered language. The analysis finds that the
observed frequency rate of trilling was similar to what
has been reported for bilabial trills in other languages
[10, 11]. The measurements of nasal and oral closure
confirmed that prenasalisation (rather than voicing) is
likely the main strategy to contrast between the
different bilabial trills, mirroring a similar distinction
for plosives.
The relatively high rates of failed trilling with
substantial interspeaker variation may be an
indication that the status of these sounds is unstable.
There is evidence that bilabial trills are falling out of
use in other Malekula languages [2, 9]. Therefore,
future work on bilabial trills in other Malekula
languages and on variation is suggested.
Video data showed that trilling can sometimes be
too weak to produce a significant acoustic cue. A
perception study could shed more light on this issue.
Language documentation approaches can clearly
benefit from close examinations of speech sounds.
Given that Vanuatu’s bilabial trills have been subject
to limited phonetic exploration, hopefully this study
can help in laying the groundwork for future
investigations into these rare sounds.
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ABSTRACT
Annotating intonation is a considerable challenge,
since not only intonational form but also its meaning
are complex in terms of their internal make-up and
contextual variation. Since the advent of the autosegmental-metrical approach to intonation in the
1980s, the annotation of intonation has continued to
be a matter of debate, witnessed by the current discussion around the proposed International Prosodic
Alphabet (IPrA), with a reported need for a more surface-related annotation that serves as a basis for phonological categorisation. The DIMA system accounts
for such a level by providing a phonetically informed
annotation of an intonation contour that nevertheless
reflects its phonological core. DIMA is a consensus
system for the annotation of German intonation that
analyses intonation at three distinct levels: phrasing,
tones and prominences. The present paper compares
DIMA with other annotation systems such as GToBI,
ToGI, IViE, KIM, RaP, and IPrA.
Keywords: Annotation, intonation, AM phonology
1. INTRODUCTION
This paper compares DIMA (Deutsche Intonation:
Modellierung und Annotation), a consensus system
for annotating German intonation, with other annotation systems. DIMA integrates phonetic and phonological criteria in the process of mapping the continuous speech signal onto discrete labels. It can thus be
considered a ‘phonetically informed phonological annotation system’ and aims to apply cross-linguistically. A core property is that a proper phonological
analysis of the data in terms of on-ramp [9] or offramp models [8,12,23] of intonation can be postponed until a later stage [17,19]. The idea of a surface-related tier is found in a number of systems for
intonation annotation [3,6,8,14,15], but unlike those
systems, DIMA decomposes the complex signal on
three independent layers: phrase boundaries, tones
and prominences.
The systems compared here (except for KIM)
have their roots in AM Phonology [10,20] in which
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modulations of speech melody are treated as a sequence of interpolated tonal targets (H(igh) and
L(ow) tones) that may be grouped into categorically
distinct, abstract composite tones. Functionally, tones
are organized into pitch accents (highlighting) and
boundary tones (delimiting) that are associated with a
particular meaning. These models provide a phonological representation of intonation that is separate
from the details of phonetic implementation.
DIMA is special in providing a phonetically-oriented, perceptually grounded, ‘pre-phonological’ annotation for German. It is theory-neutral, insofar as in
later phonological analysis it allows for a translation
into model-specific types of tonal label sequence. Table 1 shows the inventory of annotation symbols [17].
Two phrase levels are distinguished: phrases with
a strong (‘%’) or a weak boundary (‘-’). Diacritics indicate changes in pitch register of whole phrases, either lowered (‘!’) or raised (‘^’). Disfluencies causing
a perceptual phrase break are annotated with ‘&’. The
question mark ‘?’ indicates uncertainties at all layers.
Accentual tones labelled as either H* or L* within
the accented syllable are distinguished from non-accentual tones labelled at perceptually salient F0 peaks
and valleys in the vicinity of accentual tones. Hence,
DIMA neither uses any leading nor trailing tones; the
interpretation of complex pitch accents is a matter of
(later) phonological analysis. Lowered (‘!’) or raised
(‘^’) tones relative to preceding tones are indicated by
diacritics to the left of the tone label. If the tonal target
pertaining to an accentual tone is realized outside the
prominent syllable, the diacritics ‘<’ or ‘>’ are used
to indicate the location of the actual pitch target.
Finally, DIMA distinguishes between three prominence levels: ‘1’ weak prominence (cued tonally or
by other cues), ‘2’ normal prominence (usually correlated with tonal events) and ‘3’ extra-strong prominence [2]. The fourth level, i.e. no prominence, is not
explicitly marked in DIMA.
Table 1: Symbols for a DIMA annotation [17].
Layer
Label
Diacritics

Phrase
%!^&?

Tone
H* L* H L
!^<>?

Prominence
123
?

2.1. Phrase boundaries
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All systems combine a phrase boundary with either
tonal (DIMA, GToBI, ToGI, KIM, IPrA) and/or
rhythmical labels (RaP, IViE). However, only DIMA
marks phrase boundaries on a separate tier (see Table
2). In GToBI, ToGI, KIM and IPrA the label for the
level of phrasing is combined with tonal diacritics:
e.g., a low intonation phrase boundary is marked as
‘L-%’ in GToBI, while the same contour is represented by ‘&2.’ in KIM, indicating a terminal fall to
a very low value of the speaker’s pitch range.
Like DIMA, GToBI, ToGI and RaP explicitly differentiate between two levels of phrasing (corresponding to strength levels of prosodic boundaries),
while IViE only has one. IPrA has at least three levels
of phrasing, the intonation phrase (IP), the intermediate phrase (ip), and the accentual phrase (AP).
Both DIMA and RaP rely on perceptual disjuncture when annotating phrase boundaries, but DIMA
allows for additional cues that annotators may take
into account when making their judgments, such as
pauses, pitch resets or voice quality changes. Moreover, in RaP boundary tones are only specified if they
are markedly low or high. In contrast, DIMA requires
a tonal labelling of each boundary.
Like DIMA, KIM and IPrA explicitly mark pitch
register differences of whole phrases. Neither GToBI,
ToGI, RaP nor IViE account for such differences.
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KIM

Separ. phrase tier
Phrase levels
Initial Bound.To
Final Bound.To
Register changes

IViE

Criteria:

ToGI

Table 2: Comparing phrasing annotation.
GToBI

We will compare DIMA with different intonation systems for German and other languages, like German
ToBI (GToBI) [9], German ToDI (ToGI) [23], IViE
[7,8], the Kiel Intonation Model (KIM) [16,22], RaP
[5] and the proposed International Prosodic Alphabet
(IPrA) [14]. The comparison considers the criteria
‘phrase boundaries’, ‘prominences’, ‘tonal structure’,
and ‘position on the phonetics-phonology scale’. Annotated examples comparing the German annotation
systems mentioned above can be found in [31].
GToBI has become the standard annotation system for German intonation. It is a phonological model
that is nevertheless more surface-oriented than the
American English original ToBI (cf. [3]). ToGI
(‘Transcription of German Intonation’) is an adaptation of ToDI [11] to German. Some of the differences
between ToDI- and ToBI-style annotations are rooted
in different conceptions of intonational phonology.
For example, ToDI tone classes are defined in purely
structural terms, whereas classical ToBI uses both
structural and phonetic criteria. IViE (‘Intonational
Variation in English’) was developed for comparative
linguistic research in British English varieties. It departs from classical ToBI in providing a more clearly
constrained accent inventory due to the need for a
more transparent comparative transcription system
for non-standard varieties. Both ToGI and IViE annotations account (mostly) for the pitch movement leading off the accented syllable (off-ramp analysis),
which is more in line with the British School characterizations of falls and rises. In contrast, (G)ToBI and
IPrA (see below) annotations use bitonal accents primarily to account for the pitch movement leading towards an accented syllable (on-ramp analysis).
KIM is one of the earliest phonological intonation
models of German, and is often classified as contourbased as it regards limited sets of rising-falling peaks
and (falling-)rising valleys as the basic building
blocks. However, it is actually the local F0 minima
and maxima inside the peaks and valleys whose alignment is considered to be directly phonological. The
RaP (‘Rhythm and Pitch’) system is an alternative to
ToBI-based prosody annotations. It aims at improving on certain issues with ToBI such as listeners’ difficulty to categorically differentiate similar pitch
shapes or differences between break indices without
any perceptual disjuncture, or the potentially categorical function of pitch span that cannot be adequately
captured in ToBI [4]. Finally, IPrA [14] attempts to
provide a set of pre-phonological, yet ‘phonetically
categorical’ tone labels, aiming to label surface tonal
variation of underlying phonological contours.
DIMA’s perceptually-based manual annotation will
finally be compared to automatic annotation methods.

DIMA

2. DIMA AND OTHER SYSTEMS
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2.2. Prominences

Four systems, namely DIMA, IViE, KIM and RaP,
annotate tonal movements and rhythmic prominences
on separate tiers. Consequently, prominent syllables
do not need to co-occur with a corresponding tone or
accent. In fact, prominent syllables in DIMA and RaP
may either carry a pitch accent (marked by an accentual tone) or not (marked by a non-accentual tone or
no tone at all). IViE additionally distinguishes prominent (stressed/accented) syllables (transcribed with a
‘P’) from non-prominent ones, while DIMA, KIM
and RaP further account for differences between
weak and strong prominences. RaP does not allow for

an extra-strong ‘emphatic prominence’ which is part
of DIMA and KIM [2,17,22]) (see Table 3).
A major difference between the prominence annotations in DIMA, and IViE and RaP is the interpretation of the association between prominences and
tones. In DIMA, the prominence levels (none, 1, 2, 3)
are entirely perceptual and may be aligned with a corresponding (non-)accentual tone or not. However, the
DIMA guidelines state that a ‘typical’ pitch-accented
syllable corresponds to prominence level 2 but they
also allow for the annotation of non-tonal strong
prominences, see [22] for examples. In contrast, IViE
and RaP expect each starred tone to correspond to a
metrical beat (i.e. a prominence) on the prominence
tier (IViE) or on the rhythm tier (RaP), which in RaP
expresses an additional perceptual strengthening of
the corresponding metrical beat. That is, the RaP system differentiates four levels of prominence, namely
none, weak non-tonal prominence, strong non-tonal
prominence and strong tonal prominence, indicating
that the decoupling of prominence and tones is not
systematic here.
The other systems, GToBI, ToGI, and IPrA do not
explicitly differentiate between prominence levels.
They do use the star notation, however, which implies
the presence of a prominent (stressed or accented)
syllable. We do not regard the star as a specific expression of prominence marking here.

ToGI

IViE

KIM

RAP

IPrA

Separ. prom. tier
Prom. marking
Levels of prom.
Prominence independent of tones

GToBI

Criteria:

DIMA

Table 3: Comparing prominence annotations.
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2.3. Tonal structure

All systems use at least one tier for the annotation of
the tonal structure (see Table 4). While IViE and IPrA
distinguish between a phonetic and a phonological
level of annotation, the majority of systems assume
one tonal tier. In general, the extent to which an annotation can be called ‘phonological’ differs (cf. section 2.4). IViE transcribes the pitch movements surrounding prominent syllables on the phonetic (or target) tier (lower case letters for non-accentual tones
and upper case letters for accentual tones) and the
phonological categorisation of these pitch movements on the phonological tier. IPrA uses a broad
phonetic annotation with ‘phonetically categorical’
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[14] tone labels to label surface tonal variation of underlying phonological contours, and a corresponding
phonological tier.
The central difference between DIMA and all
other systems concerns the phonological level of annotation. This level is based on (mostly) right-headed
(on-ramp) accent types in GToBI, IPrA and RaP, leftheaded (off-ramp) pitch accents in ToGI and IViE,
and timing-dependent contours in KIM. IPrA views
the set of ToBI labels as phonetic categories comparable to the IPA symbols for segmental transcription,
which should be capable of capturing the contrastive
pitch events of any language. GToBI is less surfaceoriented, its tonal inventory is at the same time underspecified (initial boundary tones, e.g., are only annotated in the case of an exceptionally high beginning
of an intonation phrase) and rather restrictive, e.g. in
that the choice of IP boundary tones is fairly limited.
In line with the stronger phonological perspective
mentioned above, the reasons for these limitations lie
in the assumption that only those categories should be
transcribed that are attested to indicate a meaning difference in a given variety. Hence, the two basic functions of intonation, highlighting and delimiting, are
reflected at a combined level of annotation for pitch
accents and boundary tones in GToBI. DIMA departs
from this view in disentangling the complexity of the
intonation signal (i) by breaking up (potential) accent
types into accentual and non-accentual tones and (ii)
by keeping boundary tones separate and linking them
to the phrase tier.
In order to allow for a less restricted interpretation
and representation of the intonation contour, DIMA
reduces the phonological analysis of intonation to the
determination of the tonal ‘core’ of an accent (the
‘starred tone’) and focusses more on phonetic aspects
of the contour (e.g. the exact position of F0 minima
and maxima). The latter aspect is a central property
of KIM as well (indicating early, medial and late
peaks); KIM defines the local minima and maxima
with regard to actual physical values in the (macroprosodic) F0 contour instead of conceptualizing these
tonal targets as abstract high or low entities at the
level of perception. In line with such a more finegrained level of analysis, which aims at providing the
prerequisite for a closer investigation of, for instance,
differences in peak alignment, the DIMA annotation
is based on the syllable. In contrast, a GToBI annotation takes the word as the basic textual domain of annotation – like most AM models.
IPrA symbols are pre-defined in acoustic shape
such that a label decision can be made without a phonological analysis, and on the basis of the speech signal. Thus, labelling is perceptually less informed, and
it remains to be shown to which extent phonetic timing distinctions between language varieties would

provide any benefit for comparative research purposes (e.g. rising accents in Northern and Southern
German [1] that would result in phonetically different
accent categories, i.e. L*+H in Southern and L+H* in
Northern German).

IPrA

RAP

KIM

IViE

ToGI

GToBI

Criteria:

DIMA

Table 4: Comparing tonal structure and annotation.

Tone tiers
1
1
1
2
1
1
2
Types of
a
b
c
a/c
d
b
b
tones/accents
a) accentual and non-accentual tones; b) preference for
right-headed pitch accents; c) preference for left-headed
pitch accents; d) local minima and maxima and their timing
information.
2.4. Position on the phonetics-phonology scale

The systems compared here ascribe different degrees
of importance to a phonetic or phonological analysis
(1). The explicitly surface-related tiers of DIMA,
IViE and IPrA can be allocated at the phonetic side of
the scale. DIMA is yet more phonetically-oriented
than IViE / IPrA as it decomposes not only the complex signal but even tonal events. On the other side of
the scale, GToBI, the phonological tier of IViE, and
ToGI represent phonological analyses of intonation,
with ToGI being the clearest case of a phonological
model. KIM is placed in the middle of the scale in (1)
because it takes phonetically specific tonal targets and
shapes as the pivots for phonological distinctions of
paralinguistic meanings within the two contour classes of peaks and valleys.
In sum, DIMA, IViE, and IPrA annotate the intonational events on separate, surface-oriented tiers.
This enables a differentiation between phonological
and phonetic aspects of intonation and provides information about the mapping between phonological categories and their phonetic implementation.
DIMA, IViE, IPrA KIM RaP GToBI, IViE, ToGI
(1) phonetic
phonological
2.5. Advantages of manual annotation

The most recent systems, i.e. IPrA and DIMA, advocate a more phonetically-oriented annotation, potentially as a basis for further phonological analysis.
This raises the question whether automatic methods
of annotation should be preferred. After all, if annotation not only relies on listening but also on scrutinizing the F0 contour, automatic methods might be
more successful and consistent than human annotators. There is indeed a growing body of work on automatic detection or recognition of pitch accents and
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phrase boundaries [13,24–30]. The state of the art for
American English for instance is around 65-70% accuracy for pitch accent recognition and 73-87% for
phrase boundary recognition. However, these rates
are only obtained because the most frequent categories (including ‘no accent’ or ‘no boundary’ cases) are
recognized very well, while moderately frequent and
infrequent accent or boundary categories are often not
detected. Furthermore, it should be noted that automatic methods have mostly focused on ToBI-style
phonological categories, while DIMA involves a
more phonetically-oriented annotation. It remains to
be seen how automatic methods perform for such labels.
Hence, we argue that automatic methods are useful in speech technology tasks, but that they are not
(yet) good enough to replace a manual annotation of
the tones and phrase tiers, which implies both an auditory and a signal-based analysis. Certainly, manual
(i.e. perceptual) annotation requires the training of annotators and the assembly of valid training materials.
These are currently being developed. The phonetic
nature of DIMA will probably ease its learning, as
first inter-rater reliability studies showed substantial
agreement between annotators [18].
3. CONCLUSION AND OUTLOOK
With DIMA, we believe, it is not only possible to
make annotations using different models of German
intonation comparable but also to initiate work on under-described languages and language varieties, as
well as on second language and child speech. The annotation process of DIMA does not require a complete phonological analysis of a language and its intonational grammar. The idea is to separate the annotation from the phonological interpretation and thus
to provide a basis for a translation of DIMA labels
into different intonation models [17]. As a possible
application, in L2 speech, for instance, a complete
phonological grammar cannot be obtained in the first
place since residuals of the L1 and non-matches of L2
categories are characterizing properties of L2 speech
[21]. With this in mind, DIMA allows for a phonetically-oriented annotation, which can be interpreted
phonologically in that DIMA events can be traced
back to L1, or forth to L2 categories. Future research
will reveal whether DIMA is transferable to other languages and/or language varieties.
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phonological models (e.g., American structuralism
[12], IPO [9]). Others aim to annotate intonational
variation, but the labelling system is more like broad
phonetic transcription, necessitating commitments
to particular phonological models (e.g., IViE [7],
IPrA [10]), which then requires the labellers to
be familiar with such phonological models and
take on their assumptions about the phonological
categories. For yet others, the same sorts of issues
are magnified, because the labeling systems are
defined in abstract/categorical terms that do not
allow labeling of fine-grained intonational variation
(e.g., ToBI [3], RPT [4]).
On the other hand, PoLaR isolates particular
intonational characteristics (e.g., pitch range) on
individual tiers, whose labels are time-aligned to
recordings. In other transcription systems based
on the AM tradition [11], labels are intended
to stand in for a constellation of characteristics:
e.g., H* may represent some if not all of the
following characteristics: an f0 value that is high
in the local pitch range, a turning point in the f0
contour, and perceived abstract post-lexical (i.e.,
phrase-level) prominence. Labels that bundle an
extensive inventory of properties in this way are
absent from PoLaR. Instead, its phonological labels
simply capture the presence of a prominence or a
boundary (similar to RPT), on a phonological tier.
PoLaR’s decompositional annotations also
specify the acoustic characteristics of pitch range,
scaled pitch levels within that range, and f0
turning points, on different tiers. By design, PoLaR
also serves as an exploratory tool to investigate
the acoustic cues to meaningful categories, by
allowing for deeper analysis of the systematicities
in phonetic/phonological relationships between
these characteristics. While some such relationships
have been discussed in decades of work in the
AM tradition, many past labelling systems (due to
the intentional design features of these systems)
have expressly not captured phonetic variation
associated with phonological categories. PoLaR
does not replace phonological and broad phonetic
transcriptions of other annotation systems, but
can supplement them. For example, it enables

ABSTRACT
An utterance’s intonational characteristics vary
according to linguistic meaning; even controlling
for meaning, they may vary across speakers,
and even across utterances for a given speaker.
Phonological annotation systems typically bundle
together disparate characteristics, such as f0 scaling,
alignment, and prominence (e.g., labels like H*).
This can make it difficult to document variation,
and also to determine which aspects of the signal
(i) result from the phonology-phonetics interface,
(ii) vary according to abstract linguistic features,
(iii) depend on dialect, social context, or emotional
state, or (iv) may be simply noise. This has
motivated a new annotation system: Points, Levels,
and Ranges (PoLaR). PoLaR takes inspiration from
(and can be used alongside) existing theoretical
(AM theory) and transcriptional (IPO, IViE, RPT)
systems, but is neither a phonological/cognitive
model, nor an acoustic/physical model. It isolates
individual prosodic characteristics, using labels that
transparently correspond to aspects of the acoustics
and/or native speaker perception.
Keywords: Annotation,
Acoustic cues, Meaning

Intonation,

Prosody,

1. INTRODUCTION
This paper introduces PoLaR, an annotation
framework designed to annotate salient aspects
of the intonational acoustics, with an eye towards
exploring the relationship between variation and
intonational phonology. The motivating goals for
this new annotation system are to (i) capture more of
the systematic variation that is often observed and
(ii) minimize difficulty in labeling, by decomposing
a phonological category into its component parts.
Existing frameworks for annotating intonation in
English, while useful for many purposes, are on their
own either ill-suited for relating individual acoustic
cues to phonological categories or even ill-suited for
simply annotating acoustics at all. In particular, some
are too phonetically-driven to relate surface forms to
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comparison of items labeled L+H* versus H* in
a ToBI transcription, to see what characterizes
these different labels. Lastly, PoLaR allows
researchers to investigate the relationship between
particular acoustic characteristics of intonation and
other (semantic, pragmatic, sociolinguistic, and
paralinguistic) aspects of the speech context.

As another example, do the two f0 contours at
the end of Figure 2 share the same meaningful
distribution? If not, systems which label them the
same (e.g., L-L%) might require adjustment to the
set of phonological labels. It would be difficult to
make this determination, without annotating the two
as phonetically different (which PoLaR allows).

2. MOTIVATION

Figure 2: F0 variation in phrase-final falls

As noted above, the development of PoLaR was
motivated by two main goals: (i) to isolate phonetic
cues to supplement more phonological labels that
encompass multiple intonational dimensions, and
(ii) to allow annotators to use transparent and
easy-to-use labels for these cues. The former will be
useful for considering what role such patterns might
play in the grammar and/or in the communication
process.
As an example, consider the different idealized
pitch contours in Figure 1 that represents a familiar
variation across a range of realizations of ‘the
same’ contour, with some degree of f0 sagging.
At least some subset of these (if not all) may be
assigned the same phonological representation (e.g.,
in MAE_ToBI: H* H* L-L%). What (if anything)
conditions this sagging, and its depth? Perhaps the
triggers are phonological, and this is a case of
phonologically conditioned allophony. Or, perhaps
it is tied to linguistic meaning (e.g., stance [6]).
Perhaps the variation is meaningful throughout a
linguistic community, tied to individual speakers
or part of non-communicative variation. Until such
variation is systematically annotated (which PoLaR
allows for), exploring the conditioning factor(s) is a
serious challenge.

Because of the lack of clarity in these issues,
both novice and experienced labellers regularly
encounter f0 contours which may raise questions
about which categorical label (if any) is appropriate
to use in intonational annotation. Similarly, various
researchers have also noticed that some of these
difficult-to-label contours are actually potential
candidates for signaling meaningful differences, and
have thus innovated ad hoc annotation solutions
(e.g., [2], [5]); these ad hoc solutions unfortunately
prevent easy comparison across groups and projects.
The PoLaR system is designed to fill this need,
supplementing a purely phonological approach (e.g.,
that of ToBI) with a set of phonetic labels that track
the acoustic signal more closely, in order to explore
which aspects of variation in that signal might be
systematically related to meaning differences.
3. SKETCHING OUT THE POLAR
ANNOTATION SYSTEM
To meet these needs, PoLaR was developed with
more transparent labels for individual intonational
characteristics. A greater number of tiers are used to
disentangle intonational features and characteristics,
allowing labellers with a variety of phonological
assumptions to agree on how to label each tier. An
example annotated both with PoLaR labels is given
in Figure 3.
PoLaR builds on the AM tradition, adopting
general views on prominence, phrasing, and
a relationship between these and certain tonal
values in the f0 contour. However, unlike systems
that provide phonological or broad phonetic
transcriptions, PoLaR labels do not depend on an
understanding of what is prosodically (im)possible
in the language’s grammar.
Instead, the PoLaR system consists of (at least)
four tiers: a Prosodic Structure tier that captures
some broad phonological categories, and three

Figure 1: F0 variation between pitch peaks

Alternatively, perhaps the f0 tracks in Figure 1
realize more than one phonological representation:
some might be a phonological H* H* with a
phonetic sag, while others are a phonological
H* L+H* sequence. This would raise questions
concerning whether there is a crossover point
corresponding to categorical boundaries, or whether
the categories’ realizations are more overlapping
in their distributions (as a case of (incomplete)
neutralization). Without a system like PoLaR to
capture the acoustic variation, investigating these
issues is more challenging.
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wider range. Intervals of time where f0 is not reliable
enough for inferring a range boundary can be labeled
NA. (See Table 3.)
The (Scaled) Levels tier annotates the relative
and local pitch scaling of a Points label, based on
the local pitch range. As the value is simply applied
by dividing the range into 5 intervals and comparing
the f0 value at the time to which the Point is aligned,
these labels can be automatically populated from the
Ranges and Points tiers. Each label on this tier is
given a value, 1–5, for how high/low the event is
in the local pitch range (similar to [12] and [8]). A
level of 1 represents a Point whose f0 value in the
speaker’s lowest quintile in the local pitch range,
while a level of 5 represents one in the speaker’s
highest quintile.

Figure 3: Example with PoLaR annotation

acoustic-based tiers: the Points, Ranges, and Levels
tiers. The first three of these can be labelled
completely independently of one another. (At the
same time, optional labels allow labellers to indicate
relationships between the tiers, as well.) The tiers
and their labels are very briefly described below;
further details are provided in the PoLaR labelling
guidelines ([1]).
The Prosodic Structure tier annotates the
abstract prosodic events of prominence and
phrasing, marking only their presence with
the basic labels * and ]. Additional (optional)
labels can capture distinctions in types of
prominence/phrasing, if the labeller is comfortable
making such distinctions. No details about their
acoustic realization are labelled, similar to RPT [4].
See Table 1 for a brief summary of this tier’s labels.
The (Pitch) Points tier captures turning points
in the f0 contour, without any information about
the (relative) pitch value/height. The default label
is “0” which identifies the f0 turning point as
an acoustic event, without any commitment to its
(potential) phonological status. Optional labels can
encode the labeller’s analysis of any relationship to
the phonological events on the Prosodic Structure
tier labels (e.g., *> means turning point is associated
with labeled prominence to the right). See Table 2.
The Range (Domains) tier indicates the local
f0 speaking range, defining approximately where
“high” and “low” are, for the annotated portion of
the utterance. (This is distinct from the speaker’s
comfortable pitch range, or the range of pitch they
use in the entire conversation.) Human annotation
is necessary to determine whether a speaker has
changed their range as they move through an
utterance. This tier has the least corresponding
literature or research history to guide annotators,
but it permeates decisions in many other annotation
systems (e.g., deciding to label a pitch accent as H*,
even if its f0 is similar to other L* accents). The
maximum and minimum f0 are rounded up/down
from the software-measured f0 max/min to create a

4. CONCLUSIONS
PoLaR is not conceived of as a grammar: what is
labelled may or may not be reflective of the abstract
systems that deal in intonation contrasts. Instead of
providing such a theory, PoLaR is a methodological
tool intended for use by many different types of
researchers, including all types of descriptivists and
theorists. As such, not all of its labels correspond
directly to some aspect of the signal, nor do they
necessarily correspond directly to some abstract
categories in the phonology: PoLaR representations
are intermediary in that they are not exclusively
reflective of either the physical or the phonological.
Instead, PoLaR was designed to make minimal
phonological assumptions while capturing a
maximal amount of the relevant acoustics-phonetics.
The phonological aspects of PoLaR only assume
that there are phonological events that native
speakers have intuitions about, supported by the
intonational signal (a core feature of all AM-based
labelling systems). In addition, acoustic annotations
refer only to aspects of the signal presumed relevant
for intonational contrasts. As such, PoLaR provides
a means of transparently annotating individual
characteristics of the intonational signal, allowing
phonological/phonetic labelling of more variation
as well as of tokens that are challenging for existing
phonological models to capture. This will facilitate
the exploration of new areas in the domain of
intonation and prosody, including: the intonational
phonetics-phonology interface, the relationship
between prosody and meaning, intra-linguistic
prosodic variation, and dialects (or even languages)
with little to no existing understanding of the
prosodic system.
PoLaR, as it currently stands, focuses on prosody
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Table 1: Some Prosodic Structure (‘PrStr’) tier labels for English. The shaded rows show the core labels for this
tier; other labels are considered optional, for use by more practiced labellers who feel able to include finer details
about prominence and phrasing.
Label Phonological object
Time-aligned with:
*
Prominence
The temporal mid-point of a vowel that has post-lexical
prominence
The temporal mid-point of a vowel when the labeller is
*?
Possible Prominence
uncertain of whether there is post-lexical prominence
The temporal mid-point of a vowel that has uniquely strong
**
Highest Prominence
post-lexical prominence
]
Phrase Right Edge
The right edge of the final word of a phrase
]?
Phrase Right Edge
The right edge of the final word when the labeller is uncertain
of whether there is a phrase boundary
]]
Large Phrase Right Edge
The right edge of the final word of a relatively larger phrase
Table 2: Some Points tier labels for English, some of which relate the f0 contour and the Prosodic Structure tier.
The 0 label (shaded) is the only necessary label. Other labels are considered optional, for use by labellers who have
intuitions about the relationship between f0 and prosodic structure.
Label
Relevant Prosodic Structure object
This f0 turning point is time-aligned
0
None
N/A
*>
before the relevant * on the PrStr tier
Prominence
*<
after the relevant * on the PrStr tier
*, *?, or **
*@
with the relevant * on the PrStr tier
]>
before the relevant ] on the PrStr tier
Phrase boundary
]<
after the relevant ] on the PrStr tier
], ]?, or ]]
]@
with the relevant ] on the PrStr tier
Table 3: Labels for intervals on the Ranges tier. [min] and [max] are to be replaced by appropriate numerical values,
without surrounding brackets. Most intervals on this tier will be given a label from the shaded row.
Label
Meaning:
[min] or [max] is the local pitch minimum or maximum, respectively, in Hertz, rounded
[min]-[max]
down/up to nearest multiple of 5
X-[max]
“X” represents a pitch minimum that the labeller cannot determine
[min]-X
“X” represents a pitch maximum that the labeller cannot determine
“NA” indicates a stretch of unreliable pitch tracking, where the pitch range minimum
NA
and maximum cannot be inferred

as it relates to English intonation. Beyond this,
PoLaR is intended as an extendable framework.
Additional tiers or labels can be added, with no
impact on the existing ones. It may be particularly
useful to add a Voice Quality tier, or labels in
the PrStr tier for additional phrase boundary types.
In this way, our hope is that PoLaR’s flexibility
and utility will contribute to deepening the field’s
understanding of prosody, at both empirical and
theoretical levels.
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ABSTRACT
Nuclear rises (L*H) are well documented in declaratives in northern Irish English, but H* has been more
commonly attested in prenuclear accents (PNs). This
paper presents some results from a study of 11 adult
speakers (6F, 5M) from Derry City. 385 utterances
were analysed in which the number of syllables in anacrusis and PN foot size varied systematically. PNs
were judged auditorily and visually for each utterance, and timing of fo maxima and minima was measured. Phonological analysis of pitch accents suggests
that PN type is strongly conditioned both by anacrusis
and foot size. Tonal alignment analysis indicates that
both anacrusis and foot size affect peak alignment,
with a minor effect of foot size on L tone alignment.
Results suggest H targets are prioritised over L,
and reduced syllabic material motivates phonological
deletion of L targets, with H* potentially a phonological replacement for L*H, which is preferred otherwise.
Keywords: intonation, alignment, northern Irish
English, Derry City, prenuclear accents
1

as either the delayed peak of an H* or as the trailing
tone of an L*H accent.
Anacrusis—unstressed syllables before the first
stressed syllable in an utterance [9]—has been shown
to affect the alignment (i.e. relative timing of tonal
targets) of PN peaks in Donegal and Belfast varieties
of nIE [7], [10]. It appears to cause earlier peak alignment in Belfast English but peak delay in Donegal
English. Anacrusis has also been found to affect the
timing of valleys in nuclear accents in Belfast English
[11]. Furthermore, foot size seems to affect peak
alignment in nuclear L*H accents of Donegal English
[7]. Peak variability in general has been observed in
English and other languages [7], [12]–[14].
Figure 1: Location of Derry City. Dotted line
shows southern boundary of nIE. ([15], adapted).

INTRODUCTION

Northern Irish English (nIE) describes northern varieties of Irish English spoken in areas which lie north
of a line running roughly from Donegal Bay in the
west to Carlingford Lough in the East (Figure 1). This
includes most of Northern Ireland as well as areas in
the Republic of Ireland such as Donegal. This paper
focuses on Derry City English. Derry City is the second largest urban area in Northern Ireland after Belfast [1] and is located in the North West corner of
Northern Ireland on the border with Donegal. Thus,
while geographically close to Donegal, it shares a political and educational infrastructure with Belfast.
It has long been recognised that rises (L*H) dominate nuclear pitch accents across sentence modes in
nIE [2]–[6]. However, differences in the inventories
of pre-nuclear accents (PNs) in nIE have been noted
in Autosegmental Metrical intonational studies. Specifically, Belfast English speakers appear to prefer H*
[6] while Donegal English speakers prefer L*H [7],
[8]. This could be a true varietal distinction, or it
could be an effect of different interpretations of PN
peaks; i.e. the late H target in PNs may be interpreted
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This paper investigates PNs in Derry City English.
The hypothesis examined is that H* in Derry City
English is a phonologized form of L*H which occurs
due to reduced syllabic content in the foot and in anacrusis. This is akin to the phonological replacement
strategy observed in Dutch and German which occurs
due to phonetic pressure from reduced segmental material [16], although in the current case, it might be
considered a deletion more than a replacement. H*
accents were not observed in the nuclear accent alignment data, which were exclusively L*H % or L*H
L%, and so are not considered further here.
2

MATERIALS AND METHODS

Two analyses were conducted to test the hypothesis:
a phonological analysis assessed the effect of anacrusis and foot size on the frequency of occurrences of
different pitch accent types, and a phonetic analysis
measured their effects on tonal alignment of L and H.

2.1 Materials

Target phrases were created in which foot size and
anacrusis varied systematically across four different
syllable conditions, as shown in Table 1 and Table 2.
It should be noted that ana-0 (no anacrusis) is the
same as syl-4 (four-syllable foot), so the other anacrusis conditions reflect the addition of anacrusis to
the syl-4 condition. The phrases were contextualised
by embedding them in short dialogues with headings
to provide extra context (e.g., “talking about work”).

clear visual or auditory percept of an L target. IViE
conventions [18] were used for phonological analysis.
Peaks and valleys were marked at absolute f0 maxima and minima (Figure 2). Alignment was measured
in milliseconds from the onset of the stressed vowel
to the L and H tonal target. Finally, a script was written to tabulate the annotation data for analysis.
Figure 2: Example of PN annotation in Praat.

Table 1: Target phrases for foot size (unstressed
syllables).

foot size
1-syl
2-syl
3-syl
4-syl

target phrase
Val's valuables.
Val's is valid.
Val's is invalid.
Lally’s is invalid

3

RESULTS

3.1 Distribution of prenuclear accents (PNs)
Table 2: Target phrases for anacrusis (syllables).

Anacrusis
ana-0
ana-1
ana-2
ana-3

target phrase
Lally’s is invalid
The valley's by the river.
There's a valley with a river.
There was a valley with a river.

The data analysed here are taken from the recordings of 11 Derry City English speakers (Female=6,
Male=5) aged between 35 and 60 (M=48, SD= 9.5).
Speakers were coded with a number and an M or F
prefix indicating gender.
Recordings were conducted at a recording studio
in the city centre using a Röde 1100 microphone.
Speakers were recorded in pairs with a local friend as
interlocutor to minimise accommodation effects.
Speakers had time to practise each dialogue before recording 5-8 repetitions (including production errors).
After recording and production errors were excluded from the data, the first 5 valid utterances per
target phrase per speaker were selected for analysis.
This left 385 utterances for analysis (5 repetitions x 7
target phrases x 11 speakers).
2.2 Annotation and tabulation of data

Annotation was carried out in Praat [17] (Figure 2). It
included a syllabic tier, a rhythmic prominence tier,
phonological annotation tier, a tier to mark onset and
offset of accented vowels, and a tier for tonal targets.
Pitch accents were assessed both auditorily and
via visual inspection of the f0 contour by the author
and checked by another trained phonetician. H* was
preferred over L*H in cases of peak delay lacking any
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Three PN types were observed in foot-size conditions: L*, H*, and L*H. Table 3 shows percentage occurrences of PN types as a function of foot size across
all valid tokens. In one-syllable feet (1-syl), L*H occurs in only 9% of utterances, but this increases to
44% and 47% as foot size increases to three and four
syllables (3-syl and 4-syl respectively). Despite a
slight rise in H* occurrences from 60% in 1-syl to
65% in 2-syl, there is an overall downtrend to 47% in
4-syl. Across the PN data set, L* occurs only 8 times,
7 of which come from one speaker (F17). It is also
noteworthy that in 1-syl there is a high rate of deaccentuation (22%), which decreases dramatically with
the introduction of even one unstressed syllable.
Table 3: Percentage of PN occurrences per footsize condition across all speakers (220 utterances).

PN
L*H
H*
L*
no PN

1-syl
9%
60%
9%
22%

2-syl
24%
65%
5%
5%

3-syl
44%
55%
0%
2%

4-syl
47%
47%
0%
5%

Table 4: Percentage of PN occurrences per anacrusis condition across all speakers (220 utterances).

PN
L*H
H*
no PN

ana-0
47%
47%
5%

ana-1
53%
47%
0%

ana-2
84%
16%
0%

ana-3
82%
18%
0%

Two PN types occurred in anacrusis conditions:
H*, and L*H. Occurrence of PNs across anacrusis

median peak alignment (from 280 ms to 342 ms), although the effect declines as the number of unstressed
syllables increases, and the median shifts leftward
again (to 268 ms in 4-syl). The relatively large IQR
in syl-2 and syl-3 suggests this effect is quite variable.
For H*, peaks are aligned noticeably earlier than
in L*H, as one might expect. However, as more unstressed syllables are added to the foot, the median
peak drifts rightward, from 142 ms in 2-syl to 173 ms
in 4-syl. The fact that there is very little negative error
(i.e., the lower whisker is short) demonstrates that this
is indeed a trend to the right.
Figure 4: Effect of foot size on tonal alignment
per accent type; markers and table show median
alignment, whiskers show interquartile range.

median tonal alignment re foot size
400
time (ms)

conditions is presented in Table 4. As with foot size,
occurrences of L*H increase as anacrusis increases
while occurrences of H* decrease. It should also be
noted that rates of PN occurrence in two and three
syllables of anacrusis (ana-2 and ana-3) are almost the
same. This would suggest that the effect of anacrusis
stops at ana-2. Deaccentuation is only evident when
there is no anacrusis (ana-0), and never occurs in conditions where there is anacrusis.
While the results in Table 3 and Table 4 represent
the distribution of PNs across all speakers, it was
clear that speakers had different distributions of PN
type, so this was also analysed. The rate of PN occurrences per speaker can be seen in Figure 3. Overall
L*H is preferred; however, there appears to be a gender-based distinction, with H* more common among
males and L*H among females. In fact, a chi-squared
test of independence analysing the distribution of PNs
by gender shows this to be the case, with significant
interaction between the two, χ² (2) = 103.10, p<.001.
Auditory analysis also suggested that H* occurs
more frequently in rapid speech. A Pearson correlation test of speakers’ average speech rates (syllables/second) against rates of H* occurrence found a
positive correlation, r(9) = 0.61, p = 0.043; however,
this too may be partially associated with gender, as
can be seen from F12, F16, and F17 in Figure 3.

H in H*

1-syl

2-syl

3-syl

4-syl

142 ms 142 ms 158 ms 173 ms

H in L*H 280 ms 342 ms 327 ms 268 ms
98 ms

Figure 5: Effect of anacrusis on tonal alignment
per accent type; markers and table show median
alignment, whiskers show interquartile range.

median tonal alignment re anacrusis

400
time (ms)

7
6
5
4
3

100

L in L*H 120 ms 105 ms 90 ms

speech rate (syls/sec)

F5
F6
F12
F15
F16
F17
M4
M5
M8
M9
M10

PN occurrence (%)

100%
80%
60%
40%
20%
0%

200
0

Figure 3: Distribution of accent types by speaker
compared with average speech rate.
Speech rate and PA per speaker
L*H
H*
L*
speech rate

300

3.2 Alignment of PN Tonal Targets

The data for tonal alignment were not normally distributed, so the results are presented in terms of median alignment with error bars showing the 1st and 3rd
quartiles to offer a truer representation of the results
than mean values would. The effects of foot size on
tonal alignment are summarised in Figure 4. Alignment data for L* is not presented due to the paucity
of tokens (only 3 in 2-syl, for example).
Increased foot size appears to lead to earlier alignment of L targets in L*H, from median 120 ms after
vowel onset in 1-syl to 90 ms in 3-syl; however, the
overlapping interquartile ranges (IQR) across conditions suggest it is a weak trend. For the alignment of
H targets in L*H, the addition of one unstressed syllable to the foot (i.e., in 2-syl) leads to noticeably later
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300
200
100
0
H in H*

ana-0

ana-1

ana-2

ana-3

173 ms 149 ms 157 ms 173 ms

H in L*H 268 ms 249 ms 255 ms 268 ms
L in L*H

98 ms

94 ms

89 ms 100 ms

The effect of anacrusis on tonal alignment can be
seen in Figure 5. In L*H accents, anacrusis causes L
targets to be aligned slightly earlier, from median 98
ms in ana-0 to 89 ms in ana-2; however, there is a
rightward shift to 100 ms in ana-3. Overall, the effect
on L targets is small, and the L target is generally anchored between 90 and 100 ms across anacrusis conditions. The effect of anacrusis on peaks in L*H accents is, however, slightly more pronounced. The

addition of a single syllable of anacrusis (from ana-0
to ana-1) causes the median peak to shift leftward
from 268 to 249 ms, while the addition of further syllables of anacrusis causes the median peak to drift
gradually rightward again to 268 ms in ana-3. The
high IQR, especially in ana-2, shows that this effect
is variable.
The median peak in H* is consistently aligned 95100 ms earlier than L*H peaks and the overall effect
of anacrusis on peaks in H* accents is very similar to
the effect on peaks in L*H. That is, the addition of
anacrusis causes a noticeable leftward shift in median
peak alignment followed by a gradual rightward drift
as more syllables of anacrusis are added. Finally, it is
worth noting that from ana-0 to ana-2 there is an increasing overlap in the IQRs of peaks in H* and L*H
accents, as can be seen from the whiskers in Figure 4.
This overlap, however, disappears in ana-3.
4

DISCUSSION

4.1 PN distribution

The gradual decline in occurrences of H* as syllabic
material increases and the concomitant rise in L*H
occurrences clearly demonstrates that given enough
syllabic content, L*H is the preferred PN (Figure 6).

% of occurrences

Figure 6: percentage of L*H and H* occurrences
across all conditions (foot-size and anacrusis) from
least to most syllabic context.
100%
80%
60%
40%
20%
0%

Occurrence of L*H and H* across conditions

H*

L*H

1-syl 2-syl 3-syl 4-syl, ana-1 ana-2 ana-3
ana-0

foot size having a more pronounced effect on the
alignment of peaks in L*H, as expected. Peaks are
also much more variable than valleys, and the peak in
H* is on average aligned earlier than in L*H. However, the large amount of overlap in the alignment of
peaks in ana-1 and ana-2 suggests that peak alignment
in many L*H and H* PNs is similar. This overlap of
peak alignment in the two types of accent supports the
hypothesis that H* is often a phonologized form of
L*H with a deleted L tone occurring when there is
insufficient syllabic material. Furthermore, the clear
separation of H* peaks from L*H peaks in ana-3 supports the possibility that at least some instances of H*
are ‘normal’ H*s—possibly with slight peak delay—
rather than phonologized versions of L*H.
It might also be noted that the effect of anacrusis
on peak alignment in the data presented here reflects
the seemingly contradictory results in [10] and [7].
That is, the introduction of anacrusis leads to earlier
peak alignment, reflecting findings in [10] for Belfast
English; however, as anacrusis increases, peaks are
aligned slightly later, as per the findings in [7] for
Donegal English. This is true for both L*H and H*
peaks in Derry City English.
Given that L*H is the dominant nuclear accent in
nIE, it is unsurprising that L*H is the preferred PN
when syllable context permits. However, even though
L-targets in L*H remain relatively well aligned inside
the accented syllable as anacrusis and foot-size
change, and even though L*H is the preferred accent,
it is interesting that it is mostly the L target which is
sacrificed as foot-size decreases rather than the peak.
This indicates a phonological choice rather than a
purely phonetic effect. This deletion could equally be
construed as a phonological truncation of the L target.
As such, retaining the PN peak may preserve the salience of the L-target in the upcoming nuclear L*H.
5

The inverse relationship between L*H and H* occurrences strongly supports the hypothesis that H* is
a phonologized form of L*H and occurs when there
is not enough syllabic context for the speaker to realise the L of the L*H. In short, except for F17, the general trend is for the L tone to be deleted as syllabic
content disappears, and the remaining H tone is reinterpreted as an H*. However, the fact that H* is not
completely replaced by L*H in ana-2 and ana-3 also
suggests that at least some instances of H* are not the
effect of L tone deletion but a deliberate accent choice
independent of syllabic context.
4.2 Alignment data in the light of PN distribution

The alignment data show that both anacrusis and
foot size effect the alignment of H and L targets, with
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SUMMARY AND CONCLUSION

The data presented here suggest that L*H is the preferred PN in Derry City English given enough syllabic context (i.e., foot size and anacrusis), but that
otherwise H* dominates when syllabic conditions are
not favourable to L*H. Evidence was presented that
the H* accent should in many cases be viewed as a
phonologized form of L*H in which the L tone has
been deleted; there is also evidence, however, that
some instances of H* are not a result of L deletion,
especially in longer anacrusis.
Closer phonetic analysis of the scaling and shape
of prenuclear H* accents is required to confirm the
findings presented here. Moreover, the analysis used
here should be applied to Donegal and Belfast corpora to establish if the phenomena observed are widespread in nIE or limited to Derry City English.
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DIFFERENT FUNCTIONS OF PHRASE-FINAL F0 MOVEMENTS
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ABSTRACT
This paper studies phrase-final F0 movements in
Papuan Malay, an under-researched language
spoken in East Indonesia. Two functions of Papuan
Malay phrase prosody are analysed here, namely the
marking of phrase boundaries (demarcating) and the
marking of important elements within the phrase
(highlighting). The limited work on Papuan Malay
suggests that its prosody mainly serves a
demarcating function. This hypothesis is tested by
means of an acoustic analysis of F0 in phrase-final
syllables. Results confirm previous work on
demarcation but provide new insights into the role of
highlighting in this language, suggesting a relevant
difference as to syllable position: While final
syllables mark boundaries, F0 movements on prefinal syllables seem to serve a highlighting function.
Keywords: Papuan Malay,
analysis, F0, word stress.

prosody,

acoustic

1. INTRODUCTION
Commonly, two main functions of phrase prosody
are distinguished: marking boundaries between
phrases (demarcating) and marking important
elements within phrases (highlighting). Approaches
to prosodic annotation or transcription use this
dichotomy (e.g. [4],[8]), and the prosody of most
languages fulfils both functions (e.g.[12]). However,
the prosody of many languages is still poorly
understood. Recent work suggests that the prosody
of Papuan Malay and related varieties primarily
serves a demarcating function ([24],[18]). The
present paper further investigates this hypothesis.
1.1. Trade Malay prosody

Papuan Malay, spoken in the Indonesian provinces
Papua and Papua Barat, belongs to the Eastern
Indonesian Trade Malay varieties [10], together with
Ambonese, Banda, Kupang, Larantuka, Manado and
North Moluccan Malay. Apart from similarities on
several linguistic levels [20], the varieties underwent
diverging developments due to large distances
between the language communities. Most varieties
are reported to have the most prominent pitch
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excursions at the phrase end [11]. Papuan,
Ambonese and to some extent Manado have been
studied by means of acoustic or perceptual analyses.
A recent study investigated the perception and
annotation of prominences and boundaries by native
speakers of Papuan Malay phrases [24].
Considerably higher agreement between the native
listeners was found for boundaries than for
prominences. The presence of a pause and absolute
word duration were among the acoustic cues that
affected participants’ perception the most. The
results suggest that prominence is not a relevant
perceptual concept in the prosody of Papuan Malay,
either at the word or phrase level. As for language
production, however, recent work showed consistent
acoustic evidence for word stress in duration,
formant displacement and spectral tilt ([13],[14]),
indicating the relevance of word prosody in this
language. A study on repeated mentions in Papuan
Malay found support for universal prosodic
reduction processes in duration and not in F0 [15].
For Ambonese Malay an acoustic analysis was
carried out [18] and earlier work reporting Ambone
as a stress-language [27] was reanalysed. Crucially,
no support for word stress or pitch accents was
found. For example, corrective focus and post-focus
conditions showed identical F0 contours. Commonly
observed phrase final pitch excursions in this
language were analysed as boundary tones with a
weak temporal integration. Thus, the pitch excursion
spans both final and prefinal syllables in the phrase.
Ambonese is therefore similar to Papuan Malay in
that prosodic phenomena are mainly demarcative.
In Manado Malay, evidence from F0 contours
indicated prosodic marking of focus on the subject,
object, verb or predicate [26]. While this suggests a
highlighting function, the different focus realizations
were only found in phrase-final position. There was
no evidence for narrow focus marking in Manado
Malay prosody. As for word prosody, Manado
Malay was claimed to have fairly regular
penultimate stress except when that syllable contains
a schwa, in which case stress is ultimate.
Furthermore, pitch accents that mark focus were
claimed to only occur on stressed syllables. The
acoustic evidence for the claims on Manado Malay
prosody is, however, limited to plotted F0 contours.

1.2. Summary of previous findings and research aims

Trade Malay studies suggest that prosodic
phenomena are bound to phrase ends. They differ as
to whether these phenomena are only demarcative or
also highlighting. As for Papuan and Ambonese, the
main function of prosody is likely to be demarcative
only. Further research is needed to substantiate these
findings. It also remains to be seen how word-level
and phrase-level prosody relate in Papuan Malay, as
the two levels interact in many languages ([21],[9]).
This study reports acoustic analyses of F0 in
spontaneous Papuan Malay data. F0 is chosen as it
appears to be the most important cue for phrase
prosody cross-linguistically [17]. Two main analyses
investigate 1) the range of F0 movements in five
different syllable positions within a phrase, and 2)
the influence of word class on the F0 movements of
pre-final and final syllables in the phrase as an
indication of their potential highlighting function.

2. METHODS
2.1. Data collection procedure

Papuan Malay speech was collected in a storytelling
task [23]. Participants were instructed to watch a
short Pear story video clip [6] on a laptop and tell
what they had seen to an interlocutor who did not
see the video. The six-minute video clip showed a
story about a man picking pears, in which the actors
did not use any speech. This clip has been
previously used in cross-linguistic studies on
narrative production [6], and elicits unscripted and
spontaneous speech. Participants and interlocutor
were seated next to each other during the retelling.
The interlocutor could ask clarification questions
during the retelling, which happened up to three
times per participant. Recordings were made using a
Sony ECM-MS957 unidirectional stereo microphone
connected to a Sony HDR-SR11 video camera. The
task lasted between two and five minutes.
2.2. Participants

All participants were students at the University of
Papua. There were 10 male and 9 female participants
(Mage = 22, age range = 20-28). All of them were
native speakers of Papuan Malay.
2.3. Data preparation

Audio tracks were extracted from the recordings and
converted to 48kHz, 16 bit, mono wave files. Native
Papuan Malay speakers transcribed and segmented
the speech. Segmentation was carried out at the level
of intonation units [7], broadly corresponding to
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intonation phrases [19]. Six labellers annotated all
words (N = 9582) and syllables (N = 18357) using
Praat textgrids [5]. All labellers received phonetic
training to set label boundaries by auditory and
visual inspection of the waveform and were familiar
with the syllable structure of Papuan Malay.
2.4. F0

A subset of the labelled syllables (N = 9208) was
selected for the F0 analysis on the basis of the
following criteria. Syllables in words produced with
hesitation, or that were unidentifiable due to
laughter, severe speech reduction (i.e. mumbling),
interruptions or background noise were omitted.
Words with double vowel sequences were also
omitted, as these resulted in ambiguous
syllabification (either VV or V.V, see [16]). To
maintain a number different phrase positions (see
section 2.5) syllables were only selected when they
occurred in phrases with at least five syllables.
F0 measures were taken from the voiced part of
each syllable, for which Praat [5] was able to detect
consecutive periodicity. The boundaries of the
voiced interval either occurred within or coincided
with (one of) the syllable boundaries. For each
voiced subinterval the difference between the F0
minimum and maximum (F0 range in semitones,
ST) and their timestamps were measured. As for the
direction of the F0 movement we labelled a ‘rise’
when the F0 minimum would occur before the
maximum, and a ‘fall’ when the F0 minimum would
occur after the maximum. The labels were only
given for movements above the perceptual threshold
(gthr), measured in semitones per second for a given
duration T, as expressed in the formula: gthr(ST/s) =
.16/T2 (see [1], p. 32). Rise-falls within one syllable
were rare (N = 49) and therefore omitted.
2.5. Labelling

The position of each syllable in a phrase was
labelled in three rounds, maintaining either a fiveway distinction (first, second, medial, pre-final or
final) or two two-way distinctions (pre-final vs. all
other; and final vs. all other). Furthermore, the
location of the syllable in the word and whether the
syllable was stressed (based on indications in [16])
were labelled. Acoustic evidence was found for
these indications in [13] and [14]. Syllables were
labelled for word class; either content words
(adverbs, nouns, verbs) or function words
(conjunctions,
demonstratives,
numerals,
prepositions, pronouns, question words, tags).
Stative verbs in Papuan Malay often correspond to
adjectives in English [16]. For the statistical
analyses targeting the word class differences (see

Figure 1: F0 range (ST) of syllables in two-syllable content and function words in pre-final (black, left) and final (black,
right) phrase position in comparison with other (grey) positions within the phrase.

section 2.6), a narrower subset of the data was taken
by selecting only two-syllable words in order to
account for word-length biases (i.e. function words
tend to be shorter than content words).
2.6. Analyses

First, a LMM analysis in R [22] using the lme4
package [2] was carried out with F0 range as
response, with syllable position in a phrase (5 levels:
first, second, medial, pre-final, final) as predictor
and with participants and items (words) as random
intercepts and slopes. Relevant to the current study
are the post-hoc pairwise comparisons using Tukey
HSD test (Bonferroni corrected) between all syllable
positions. Second, two LMM analyses (for each twoway position distinction) were carried out to
specifically test the extent to which the pre-final and
the final syllable, respectively, serve a highlighting
role. This was tested by comparing content and
function words (consisting of two syllables, cf.
section 2.5), of which the former carry more
semantic weight than the latter and are therefore
assumed to be more likely to show an effect of
highlighting [3]. In the analyses, F0 range was the
response and the interaction between word class
(two levels: content, function) and position (two
levels: pre-final or final, other) were predictors.
Stress (two levels: stressed, unstressed) was added
as predictor to account for possible effects of word
prosody ([13],[14]). Participants and items (words)
were random intercepts. Random slopes were
omitted as they worsened the model fit worsened
(lower AIC). Third, the distribution of rises and falls
(counts) was calculated separately for penultimate
and ultimate stress and assessed in chi-square tests.

3. RESULTS
F0 range was significantly larger in either the prefinal or the final syllable in all pairwise comparisons
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(Tables 1a and 1b). This contrasts with the three
non-significant comparisons, which involved the
first, second or medial position.
Table 1a: Mean F0 range in ST (SD) in different syllable
positions within a phrase.
first second medial pre-final final
1.71
1.91
1.97
2.38
3.30
(2.18) (2.22) (2.21)
(2.71) (3.17)

Table 1b: Pairwise comparisons for F0 range in
different syllable positions within a phrase.
Pairwise comp.
first-second
first-medial
first-pre-final
first-final
second-medial
second-pre-final
second-final
medial-pre-final
medial-final
pre-final-final

b
.20
.23
.68
1.61
0.03
.48
1.41
.46
1.38
.92

SE
.11
.09
.11
.11
.08
.10
.10
.08
.08
.10

z
1.82
2.39
6.07
14.05
.32
4.80
13.69
5.91
17.20
9.45

p
n.s.
n.s.
< .001
< .001
n.s.
< .001
< .001
< .001
< .001
< .001

The pre-final syllables (Fig. 1, left) showed no main
effect of word class on the F0 range. However,
position (β = .60, SE = .12, t = 5.03, p < .001) as
well as the interaction between position and word
class (β = -.68, SE = .20, t = -3.31, p < .001) were
significant. These effects showed that in pre-final
position F0 movements were overall larger (M =
2.36, SD = 2.71) compared to other positions (M =
2.12, SD = 2.44), and that this difference was
significantly larger for content words (Mpre-f = 2.64,
SD = 3.10; Mother = 2.07, SD = 2.37) than for
function words (Mpre-f = 1.98, SD = 2.22; Mother =
2.15, SD = 2.40). The phrase-final syllables (Fig. 1,
right) showed a main effect of position (β = 1.31, SE
= .13, t = 9.98, p < .001) in that final syllables have

larger F0 range (M = 3.36, SD = 3.26) than other
syllables (M = 1.99, SD = 2.30). No (interaction)
effect involving word class was found. Stress had a
significant effect in both LMM analyses (β = .16, SE
= .07, t = 2.24, p < .05) in that stressed syllables had
smaller (M = 2.10, SD = 2.40) pitch movements than
unstressed syllables (M = 2.26, SD = 2.57).
The distribution of rises and falls showed a
limited number of observations for words with
ultimate stress, which is expected given the
distribution of word stress in Papuan Malay [16].
Note that this limits the representativeness of the
ultimate stress data. The respective chi-square tests
(Table 2) revealed two different deviations from the
chance-level expected values. For penultimate stress,
significantly more pre-final rises and final falls were
observed than expected (standardized residuals: -/+
3.95), whereas for ultimate stress more pre-final falls
and final rises were observed than expected
(standardized residuals: -/+1.55).
Table 2: Chi-square results on the distributions of
rises and falls in phrase-final two-syllable words
with penultimate and ultimate stress.
F0 movement
Statistic
Stress Phr. pos. Rise Fall
χ2
p
pre-f. 151
108
penult
15.62 < .001
final
141
195
pre-f.
1
4
ult
2.40 n.s.
final
9
6

4. DISCUSSION AND CONCLUSIONS
The results of the current study confirm the literature
on Trade Malay in that the largest F0 movements are
found at the end of phrases and that they are often
rising-falling patterns. Crucially, the phrase-final
syllable shows the largest F0 ranges, pre-final
syllables show second largest F0 ranges, and the
ranges on the first, second or medial syllables are
comparable in size. Pre-final and final syllables also
differ significantly in F0 range, which suggests that
phrase boundaries are mainly marked by (the F0
movement on) phrase-final syllables. This is in line
with cross-linguistic observations for prosodic
marking of boundaries (e.g. boundary tones or final
lengthening). Note that spreading of phrase-final
prosodic phenomena is possible, in that final
lengthening can affect pre-final syllables as well
[25]. A comparable analysis for Ambonese suggests
that the phrase-final boundary tone occurs
somewhere on the final two syllables, thus having a
loose temporal alignment [18]. Although alignment
was not investigated here, Papuan Malay seems to
be similar in this respect.
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Preliminary evidence for highlighting was found
only in pre-final phrase position, where content
words have larger F0 movements than functions
words. This effect is unlikely to reflect word
prosody, as F0 movements were shown not to
correlate with word stress and no differences would
be expected between word classes [14].
Nevertheless, it is possible that the position of
phrase pre-final F0 movements in content words was
determined by word stress patterns. In this respect
Papuan Malay could be similar to Manado Malay,
which was reported to mark focus by phrase-final
pitch accents realized on stressed syllables [27]. A
crucial difference with Manado is that the current
results do not contribute to the question of whether
Papuan Malay marks focus. Our study rather
suggests that regardless of their exact function, F0
movements in Papuan Malay seem to result from an
interplay between word level and phrase level
prosody, with crucial differences between the final
two syllables in the phrase.
Further indication that the F0 movements are
different in phrase-pre-final and phrase-final
position comes from the distribution of rises and
falls. Due to the frequent occurrence of penultimate
stress, rising-falling patterns are among the most
common phrase-final movements, in line with [18]
and [11]. Regardless of the influence of word stress,
however, rises occurred almost equally often on prefinal and final syllables, whilst falls occurred more
often with final syllables. The frequent use of final
rises could be related to the narrative style studied
here, in which continuation rises are frequent.
In sum, this study provides indication that it is
useful to distinguish the two phrase-final syllable
positions from each other when investigating the
functions of Papuan Malay phrase prosody. More
research is needed on prosody in specific
highlighting conditions (i.e. focus, emphasis). This
could be done by adding information structure
annotations to the current data and/or by eliciting
scripted speech to control for the segmental material
on which F0 is realized. Furthermore, future work
should investigate the perceptual relevance of phrase
final F0 movements.
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Language Observatory (VLO) of the Common
Language Resources and Technology Infrastructure
(CLARIN) https://vlo.clarin.eu/ or the Bavarian
Archive for Speech Signals (BAS) Repository
http://hdl.handle.net/11858/00-1779-0000-0006BF00-E).
The size of these datasets has already reached
a point where tools are needed to either fully- or
semi-automatically process various aspects of the
additional complementing information mentioned
above. Forced alignment (FA) in combination with
grapheme to phoneme conversion (G2P) techniques,
such as the ones developed by [10, 4, 9], provide efficient ways of processing the complementary data.
These techniques can be employed to provide automatic segmentation and labeling, if an orthographic
transcript is available. Even if, under certain conditions, the automated results lack the desired precision, the time-saving aspect of automatically locating and segmenting, for example, the phonemic
structure, optionally followed by a manual correction step, usually outweigh the cost of a more precise
fully manual annotation.
The EMU speech database management system
(EMU-SDMS) [13] introduced the concept of having an all-in-one solution for working with speech
databases in the R language and environment for statistical computing and graphics [8]. It allows users
to generate, manipulate, query, analyse and manage
speech databases all from within R. Recent developments of the EMU system offer users the additional
ability to script annotation structures and call the
BAS web services (http://hdl.handle.net/11858/001779-0000-0028-421B-4), for example, to perform
the aforementioned G2P and FA. Both of these functionalities are available via a dedicated set of R functions that provide database annotation validity assurance.
The aim of this paper is to demonstrate some of
these new features by describing a hands-on usecase that shows how these features can be used to
compare the Australian (AE) and New Zealand English (NZE) vowel spaces. Only a handful of R
commands are necessary to achieve such an analysis starting only with digitised waveforms and their

ABSTRACT
We present a set of tools centred around the EMU
Speech Database Management System for building,
querying and analysing speech corpora. A new approach is to situate all stages between digitised waveforms and the final graphical and statistical analysis within the R programming environment. All
these stages will be illustrated through a comparative analysis of the formants of the Australian and
New Zealand English vowel spaces. For this purpose, emuR package functions will be used to directly invoke web services provided by the Bavarian Archive for Speech Signals (e.g. WebMAUS) for
building linked hierarchical annotations between orthographic and phonological levels with time-stamps
into the signals. The analyses presented employ both
the emuR and other graphical and statistical R packages which are used well beyond the speech science
community. This illustrates that the EMU-SDMS
is part of the vast R package eco-system which includes state-of-the-art methods that are improved
constantly.
Keywords: EMU-SDMS, corpus phonetics, speech
databases, automatic annotation
1. INTRODUCTION
Throughout the digital age, the basis for most
quantitative empirical phonetic research has been
a digital collection of speech related signals (see
amongst others [11], [12]). These signal collections,
the most prevalent of which are collections of acoustic recordings, are often further enriched by adding
meta information, orthographic transcripts as well
as various forms of segmentation and labeling that
can vary in granularity (e.g. word vs. syllable vs.
phonetic segmentation). These additional resources
complement the primary media files. As outlined
in [6], there is a clear trend in corpus phonetics to
produce ever larger datasets, either by collecting
large amounts of new data or by accessing the ever
growing number of speech corpora available in
online repositories (see, for example, the Virtual
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attribute transcription that holds the content of the
plain text files1 . Figure 1 shows an example of this
bare-bones annotation structure.

orthographic transcriptions. As automatic segmentation and labelling procedures will be employed, no
manual annotation steps will be used.

We present a similar but simplified version of two
of the analyses in [11]. The goal is to visually compare formants of the AE and NZE vowel spaces using F1/F2 formant plots to showcase the tools that
the EMU-SDMS provides. Both monophthongs and
diphthongs will be analysed.

amongst her friends she
was considered beautiful

2.1. Data

We assume that the acoustic data have already been
collected and orthographic transcripts generated;
that is, the following file structure is present:
audio
ortho. transcript
NZE/NZE_1.wav NZE/NZE_1.txt
NZE/NZE_2.wav NZE/NZE_2.txt
…
…
AE/AE_1.wav
AE/AE_1.txt
AE/AE_2.wav
AE/AE_2.txt
…
…
where NSE/ and AE/ are subdirectories containing
the respective English varieties. File collections of
the above form are referred to as txtCollections
within the EMU system. These collections are commonplace in the speech science community, largely
due to tools such as SpeechRecorder [2] being able to
generate them synchronously with prompted speech
data acquisition and other tools such as various BAS
web services [5] expecting them as input. Further,
these collections can easily be generated from other
forms of annotation + audio file collections. Hence,
a collection of this kind should be familiar to most
phoneticians and the steps described in the following should be easily transferable to other similar and
widely available data sets.
Compared with the recordings used in [11], and
other similar studies (e.g. [12]) here a random set
of single sentence utterances of each English variety
is analysed (281 recordings in total). Furthermore,
for the sake of simplicity the dataset will consist of
recordings of male speakers only.

bundle:transcription

Figure 1: Single annotation item on timeless bundle level containing the content of the
corresponding plain text file as is created by
convert_txtCollection()

2. COMPARATIVE VOWELS ANALYSIS

This single annotation item will later form the
root node in a more complex hierarchical annotation
structure (see Figure 2). The subdirectories NSE/
and AE/ will be placed into separate session folders
by the convert_txtCollection() routine.
2.2.1. Calling the BAS web services
As of version 1.0.0 of emuR it is possible to
call various BAS web services using specialized
emuR functions that follow the naming convention:
runBASwebservice_*(), where * is a placeholder
for the name of the web service. After loading the
generated emuDB (db = load_emuDB()), we call
runBASwebservice_all(), which chains all available web services. The web service calls that are performed in consecutive order are:
1. runBASwebservice_g2pForTokenization()
2. runBASwebservice_g2pForPronunciation()
3. runBASwebservice_chunker()
(optional
depending on audio file length)
4. runBASwebservice_maus()
5. runBASwebservice_minni() (optional depending on argument)
6. runBASwebservice_pho2sylCanonical()
7. runBASwebservice_pho2sylSegmental()
Figure 2 shows an excerpt of the automatically
constructed hierarchical annotation structure.
This annotation structure can now be used to extract the segments of interest, including the formant tracks belonging to these segments. The
emuR package provides two functions (query() and
get_trackdata()) to achieve this.

2.2. Data Preparation

To process the recordings and plain text files, an
EMU database (emuDB) has to be created. This
is achieved using the convert_txtCollection()
function provided by the emuR package. The resulting emuDB will contain only a single timeless annotation level called bundle containing an additional

2.3. Monophthongs

To compare the AE and NZE monophthong vowel
spaces, the heed, hid, hood and hud (IPA: /i ɪ ʊ ʌ/;
SAMPA: /i I U V/)) vowel subset will be extracted
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ple times and values. Using the dplyr R package we
are now able to perform post-processing such as outlier removal and vowel class centroid calculation:

Figure 2:
Example of a resulting hierarchical annotation structure returned by
runBASwebservice_all()
bundle:transcript.

amongst her friends she
was considered beautiful
ORT

# remove 0 values (T1 = F1 , T2 = F2)
td = td %>% filter (T1 != 0 & T2 != 0)
# calculate centroids
centroids = td %>%
group _by(session , labels ) %>%
summarise (F1 = mean(T1),
F2 = mean(T2))

friends

MAS

2.5. Visual comparison

MAU

fr\Enz

f

r\

E

n

Figure 3 shows the resulting centroids plotted on the
F1/F2 plane for NZE and AE monophthongs heed,
hid, hood and hud.
Figure 3: F1/F2 comparison of the available AE
and NSE heed, hid, hood and hud vowels

z

heed

hid
heed

350

F1 (Hz)

for both English varieties and the centroid of each
vowel class plotted onto the F1/F2 plane.
2.4. Querying, data extraction and preparation

A new feature of the emuR package (as of
version 1.1.0) is that both the query() and
get_trackdata() functions implement a new
tibble result type (see https://www.tidyverse.org/)
which allows their output to easily be processed by
other packages. The aim is to avoid using objects
specific to the emuR package, which was the case
with the legacy S3 classes trackdata and emusegs.
This drastically improves the scope of usability of
query() and get_trackdata() output in other R
packages. In this example, we use the tibble result
type in both the query() and get_trackdata()
calls. The query() function extracts the vowel segments including time stamps into the signal, while
get_trackdata() applies the formant estimation
function (forest()) provided by EMU-SDMS’s
wrassp R package to the queried segments and extracts the calculated formant tracks.

hood
hid

400

hood
450
500

hud
hud

550
1900

1700

1500

1300

F2 (Hz)
variety

AE

NZE

As in [11], the hid and hood vowels of NZE are
lowered relative to the AE vowels in Figure 3. Additionally, the hid vowel is more centralized in the
NZE variety. The hud vowel is in line with the hard
and hod vowel space region in [11], which is slightly
lowered and retracted for NZE vowels. Compared to
the findings in [11] in our simple use-case the heed
vowels in AE are slightly raised and fronted compared to those in NZE.
Figure 3 was generated using the following code,
which uses the previously calculated centroids object and the ggplot2 package:

# query vowels
sl = query(db ,
"MAU =~ [iIUV]",
resultType = " tibble ")
# get formant tracks for segments
td = get_ trackdata (db , sl ,
onTheFlyFunctionName = " forest ",
resultType = " tibble ")

# plot centroids onto F1/F2 plane
ggplot ( centroids ) +
aes(y = F1 , x = F2 , col = session ,
label = labels , group = labels ) +
geom_ point () +
geom_text () +

The resulting td object contains both the segment
information returned by query() and formant sam-
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scale _y_ reverse () +
scale _x_ reverse ()

Figure 4: F1/F2 trajectory comparison of the central 60% rising hay (IPA: æɪ, SAMPA: {I) diphthong in AE vs. NZE
440

The above code is a simplified version of the actual code used to generate the plot. Label mapping,
exact label placement and legend theming code snippets were omitted for the sake of brevity.

F1 (Hz)

2.6. Rising diphthongs

An analysis of the rising hay (IPA: /æɪ/, SAMPA:
/{I/) diphthong will be performed. The brief R code
below is all that is necessary to replicate the formant trajectory visualization in Section 3.3 of [11].
As no manual diphthong onset/offset target marking
was performed on the available dataset (see Section
2.3 in [11]), only the central 60% of the diphthong
is analysed to compensate for any potential coarticulatory effects and/or unprecise boundaries caused by
the FA.

480

520

1800

1700

1600

1500

F2 (Hz)
variety

# query diphthong
sl_dip = query (db ,
"MAU == {I",
resultType = " tibble ")
# get formant tracks
td_dip = get_ trackdata (db ,
sl_dip ,
onTheFlyFunctionName = " forest ",
resultType = " tibble ")
# normalize length of segments
td_dip_norm = normalize _ length (td_dip
)
# extract central 60%
td_dip_norm = td_dip_norm %>%
group _by(sl_ rowIdx ) %>%
filter (times _norm >= 0.2 & times _
norm <= 0.8)
# calculate mean trajectories
td_dip_norm_ average = td_dip_norm %>%
group _by(session , times _norm) %>%
summarise (F1 = mean(T1),
F2 = mean(T2))
# visualize
ggplot ( formants _norm_ average ) +
aes(x = F2 , y = F1 , col = session )
+
geom_line () +
scale _y_ reverse () +
scale _x_ reverse ()

AE

NZE

3. DISCUSSION
In this short use-case we demonstrated how the
tools provided by the EMU-SDMS can be used
to efficiently generate, process and analyse speech
databases. Only a handful of R commands were necessary for the visual analyses of both monophthongs
and diphthongs. The steps to perform the described
analyses are identical regardless of the size and design of the available dataset.
The modular design of the EMU-SDMS permits
many other external tools to be used for the various stages of processing. For example, others tools
such as the OpenSMILE feature extraction tool [3] or
the Montreal Forced Aligner [7] could easily be integrated with minimal R scripting effort. As such, the
EMU-SDMS provides a simple, flexible, efficient,
all-in-one solution for state of the art phonetic analysis in the R environment.
4. ACKNOWLEDGMENTS
Research supported by the German Federal Ministry of Education and Research (BMBF) via the
CLARIN-D project [1].

The final ggplot call produces Figure 4.
Unlike in [11], the hay diphthong was slightly
lower in NZE (higher F1) compared to AE. It is
worth noting that [11] point out that rising diphthongs are generally relatively similar in NZE and
AE. Hence, our slightly deviating results are probably due to the size and design of our example data
set.
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ABSTRACT

similar studies across many different corpora.
In practice, there are serious practical barriers to
corpus phonetics, which motivate the development
of systems to facilitate phonetic analyses across corpora. Such a system should meet several goals:
• Scalability: Speech corpora can be large, so
cross-corpus analyses require substantial storage and computation resources. The system
must perform in reasonable time as the amount
of data grows.
• Abstraction away from corpus format: Speech
corpora are complex and heterogeneous, with
metadata and annotation files in many different
formats. Users should be able to interact with
corpora without understanding their format.
• Minimize necessary technical skill and effort:
Technical skill is currently required for corpus studies, with researchers writing extensive
scripts to perform similar operations on different corpora. Minimal technical skill should be
needed from users and technically-skilled users
should be able to minimize scripting, by leveraging standardized measures which make analyses across different corpora comparable.
Among several systems developed for management and analysis of speech corpora in recent years
[2, 4, 16, 19, 23], the Polyglot-Speech Corpus Tools
(SCT) system [12] was optimized for large-scale
studies across many corpora, prioritizing the goals
above. This system enabled fully-automated corpus
studies by importing speech datasets into a common
database format, enriching each database with standardized measures, finding relevant tokens, and exporting a data file. A Python API and desktop GUI
allowed for different user skill levels, and the intended use case was a single research group, analyzing corpora to which users had unrestricted access.
This paper describes a major update to this system, ISCAN (Integrated Speech Corpus ANalysis),
motivated by additional goals which aim to broaden
the types of corpus study the system can be used for:

Speech corpora of many languages, styles, and formats exist in the world, representing significant potential for the phonetic sciences. However in practice there are significant practical and methodological barriers to conducting the “same study” across
corpora, including necessary technical skills and
non-comparability of results using non-standardized
measures. We introduce an open-source software
system for Integrated Speech Corpus ANalysis (ISCAN), which enables automated acoustic phonetic
analysis across spoken corpora of diverse formats
and sizes. A web-browser-based GUI and Python
package allow for different user backgrounds. The
system is a major update of core functionality for
fully- automated speech corpus analysis (importing, enriching, querying) from a previous version, to
meet new goals: different user configurations, working with restricted datasets, and interacting with data
(visualization and correction). The system’s flexibility for different projects is shown in two use cases:
large-scale automatic segmental analysis of spontaneous speech across English dialects, and smallerscale semi-automatic prosodic analysis.
Keywords: speech corpora, speech analysis software, large-scale studies, speech technology
1. INTRODUCTION
A huge number of speech corpora annotated at least
with an orthographic transcription exist, from smallscale collections of controlled laboratory speech to
large-scale spontaneous speech datasets At the same
time, increasingly accurate tools exist for aligning
speech [7, 9, 11, 17] and automatically measuring
variables used in phonetic research (e.g. formants,
f0, VOT: [8, 17, 21]). This confluence of data and
methods means that it is now possible to scale up
phonetic research, with obvious scientific potential
[10, 24], via integrated corpus analysis: carrying out
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Speech
corpora

External
resources

Python API
(Polyglot)

Databases

Speech
processing
tools

to any functionality to be disabled for a particular
dataset—such as a user being able to query but not
inspect, for data which must remain anonymous. A
server-client architecture separates users (the client
web browser) from raw data/databases (the server),
enabling either multiple users interacting with the
same database (remotely), or a user(s) working on
data on their own laptop (etc.).2 ISCAN can be configured differently in different installations, to facilitate integrated corpus analysis in the context of different projects. Two configurations have been used,
corresponding to the two use cases described below
(Sec. 4): iscan-spade and iscan-bestiary.

Web app
(ISCAN)

Data files
(CSV)

Figure 1: System architecture: software (center)
and elements used (top) or created (bottom) by the
software.

3. IMPLEMENTATION AND FEATURES

• Different user configurations should be possible, from a single user/group analyzing their
own data to multiple users at different locations analyzing the same data. More generally,
the system should be configurable for different
projects.
• The system should be usable with restricted
datasets: many speech datasets cannot be listened to (by other groups) or transfered due to
ethics concerns—but in principle neither is required for common phonetic analyses.
• Enable semi-automated analysis: visualizing,
checking, and correcting measures for individual tokens is crucial for working with smaller
datasets, and in practice necessary even for
large-scale ‘automated’ studies.
These goals stem from two complementary use
cases for which the system was developed. (Sec. 4).

Using ISCAN, a user goes from raw data to a CSV
file via:
1. Import: data from speech corpora is stored in a
standardized database format.
2. Enrichment: various measures (e.g. syllable
position, vowel formants) are added to the
databases using external speech processing
tools and resources and internal algorithms.
3. Query: find tokens of interest in the databases,
with associated measures.
4. Inspection (optional): visualization, editing,
and correction of individual tokens.
5. Export: save to a data file.
Figure 2 shows a schematic example of these
steps in the context of an application using the
iscan-spade system. Functionality for each step
is summarized below, with more details given in ISCAN’s documentation and tutorials.3
The intended use case for the system is for import
and enrichment to be once per corpus, since these
steps can be slow, while query/inspection/export are
faster, and can be done repeatedly to address different research questions in different studies.

2. SYSTEM ARCHITECTURE
As schematized in Figure 1, users create, interact
with, and query databases in a custom format (data
representation and storage are described in [12]).
The system can be used via a Python API or a web
browser graphical user interface (GUI), with the exception of Inspection (visualizing/correcting data),
which requires the GUI. This architecture shares
broad similarities with other speech database management systems, especially EMU, LaBBCAT, and
Phon [23, 4, 16]: server-client architecture, database
storage, and external tool integration.
The Python API is conceptually similar to
Polyglot-SCT; we focus on the web app (ISCAN),
which contains the GUI, and which is completely
new. ISCAN is developed in Django and AngularJS,1 flexible and widely-used web frameworks
which enable meeting the goals of working with
restricted data and flexible user configurations. A
fully-fledged permissions system allows user access

3.1. Import

First, raw data in a speech corpus is imported into
a standardized database format, allowing the system
to abstract away from different corpus formats (as
in Fig. 2: different shape datasets → same shape
databases). The importer parses raw annotations
(e.g. Praat ‘phone’, ‘word’ TextGrid tiers) into a
meaningful hierarchy (e.g. each ‘phone’ token belongs to a ‘word’ token), which greatly facilitates
subsequent steps. We assume at least phone and
word time-alignments exist, such as the output of
various forced aligners [7, 11, 17]. Corpora in
LaBB-CAT, BAS Partitur [18], TIMIT, or Buckeye
[5, 15] formats are also currently supported.

1323

import, enrichment
Speech datasets
Buckeye

Databases

query, export

External tools/resources

Buckeye database

Praat

Lexicon

Custom
script

utterances
French time-series DB

she sells seashells

ICE-Canada

SCOTS

English
relational DB

vite (token): f0 = (140, 150, 155, …)
sells:
seashells
words

sells

σ

s

freq=200,

…

σ

i

ICE-Can

σ

ʃ

ɛ

syllables
l

z

phones

/si/: stressed,
…
/s/: COG=6000,
…

all syllinitial
stressed
/s/, /ʃ/
phone: ID, COG,
duration
foll_phone
speech rate,
speaker ID,
dataset, …

CSV file

SCOTS

Figure 2: Schematic example of iscan-spade use to generate data for a study [20] examining realization of /s/
and /S/ across English dialects.

calculated in enrichment can be normalized in ways
useful for phonetic studies. For example, f0 can be
scaled relative to a speaker’s range, or phone (token)
duration computed relative to the phone’s average
duration in the corpus.
Goals for future development of enrichment functionality include alternative methods for adding nonacoustic information, and standardization of the interface with external tools (to facilitate integration
of a broader range of tools).

3.2. Enrichment

Importing a corpus results in a database containing
only the word and phone levels (in a hierarchy), plus
speaker and sound file IDs. Most of a database’s
contents result from subsequent enrichment, which
adds different types of information and measures often used in linguistic studies.
Non-acoustic information: new units can be
added to the hierarchy. Words can be grouped into
connected-speech chunks (‘utterances’), separated
by non-speech intervals (e.g. pauses) above a minimum length, and phones into syllables, using the
maximum onset algorithm. Measures based on hierarchical relations can be added, such as speech
rate (e.g. syllables/second in an utterance) or position (e.g. phone position in a syllable). Properties
of words, phones, speakers, or sound files can be
added, from external resources such as lexicons (e.g.
word frequency, stress pattern), or user-specified
speaker metadata (e.g. gender) or annotation files.
Acoustic measures from the raw sound files can be
calculated and stored. Currently available measures
include f0, intensity, formants, voice onset time
(VOT)—and any measure computable by a simple
user-uploaded Praat script. The system supports integration with external speech processing tools (currently: Praat, Reaper for f0; AutoVOT for VOT
[3, 21, 8]), and contains powerful internal methods,
such as the current vowel formant algorithm (described in [13]). Continuous-time acoustic measures
(e.g. f0, formants) can be encoded as both points or
tracks—for example, one f0 value or f0 track per
vowel token—enabling studies using both ‘static’
and ‘dynamic’ measures.
Relativized measures: any quantitative measure

3.3. Query and Export

Given an enriched database, the user conducts a
query to find a subset of linguistic objects of interest (e.g. words, phones), and then exports information about them. Queries are constructed in either a graphical interface or a custom Python query
language—no knowledge of the query languages
of the underlying databases (e.g. SQL) is required.
Queries can reference aspects of an annotation (“all
phones which have label ‘s”’), user defined subsets (e.g.“sibilants”), associated information (e.g.
following phones), hierarchical relations, and so on.
For each token, this information can be returned as a
column of the exported CSV—as well as any acoustic enrichment, such as formant tracks.
3.4. Inspection

For any phonetic study, even large-scale automated
studies, getting a handle on the data through inspection of individual tokens is important. ISCAN allows for both visual and auditory inspection. Any token in a query result can be inspected, giving the full
context of the utterance (surrounding words/phones,
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shown in Fig. 2 and [20], where stressed-wordinitial sibilants are analyzed to characterize the degree of ‘retraction’ of /s/, relative to /S/ production,
as a function of onset structure. This study includes
import from corpora in different formats, from dialects across the US, UK, and Canada (e.g. Buckeye, SCOTS, ICE-Canada: [1, 14]) Enrichment includes acoustic measures characterizing sibilant production, such as center of gravity (COG) and duration, computed via a user-specified Praat script.
These measures are included in query and export of
a data file, which includes information to address the
study’s research question (e.g. acoustic measures,
following segment info) and controls. Another case
study so far analyzes vowel formants [13].

spectrogram) and audio playback. This allows for
problematic tokens (due to alignment errors, etc.) to
be caught and excluded before data analysis (from
the exported CSV) begins.
Another key feature of the inspection view is the
ability to correct the automatically generated data.
For instance, pitch algorithms often have octave errors in the pitch track, which can be corrected via a
graphical interface. Crucially, access to inspection is
defined on a per-corpus, per-user basis, via the permissions system. For example, only certain users
can perform corrections or play audio.
4. USE CASES
ISCAN has been developed in the context of two
integrated corpus analysis projects. The Speech
Across Dialects of English (SPADE) project examines larger datasets (5-100+ hours), mostly conversational speech, focusing on segmental realization;
the Intonational Bestiary project examines smaller
datasets from production experiments, focusing on
prosody. Polyglot’s database structure enables studies of ‘corpora’ of both sizes: making large-scale
studies computationally feasible by efficient organization and storage of rich metadata, while allowing smaller-scale studies to leverage the same organization and metadata. The two projects use different configurations of ISCAN, which essentially
means turning off some functionality for a cleaner
user experience. For instance, because Intonational
Bestiary studies focus on entire intonation contours,
most Query and Export functionality at the subutterance level is disabled in iscan-bestiary.

4.2. Bestiary

The iscan-bestiary set up has been used to analyze experimental data from production studies focused on prosody, and leverages the linguistic enrichment and structured nature of data in ISCAN.
The first project that iscan-bestiary has been
used for is the Intonational Bestiary [6].5 ISCAN
generates utterance pitch tracks per sound file (enrichment), allows for manual correction of the pitch
tracks for octave errors (inspection), and exports the
pitch tracks along with other metadata about the
experimental conditions and the speakers (export).
iscan-bestiary also allows for adding sound-filelevel annotations, capturing for example which intonational ‘tune’ was used for an utterance.
Another project using iscan-bestiary was an
investigation of three functions of prosody (intonational tune, contrastive focus and phrasing) in a production study, similar to [22]. Utterance pitch tracks
for each production were automatically generated,
then hand-corrected (enrichment, inspection). The
words of interest in this study were proper names.
From each of these words of interest, max F0 (from
the pitch track), mean intensity (from an intensity
track), and duration were extracted for each syllable.
Thus, the study used dynamic tracks generated and
corrected in ISCAN, as well as ISCAN’s enriched
hierarchical structure of linguistic units.

4.1. ISCAN-SPADE

The iscan-spade configuration is used for SPADE,
a multi-site project whose remit is large-scale study
of spoken English across space (UK, US, Canada)
and time.4 The project is analyzing several dozen
datasets; some are publicly available (e.g. Buckeye
Corpus), while many are private corpora provided
by data guardians, for which ISCAN’s permissions
system is important. All raw datasets are kept at
one project site, where ISCAN is hosted on a web
server, providing access to the (anonymous, derived)
databases built from these datasets to project team
members at other sites via web browser. ISCAN’s
server-client architecture enables this setup, which
respects data protection considerations by separating raw data from users.
iscan-spade is being used to carry out largescale analyses of segmental realization across English dialects—such as the sibilant acoustics study
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ABSTRACT

when the the data to align is not similar to the training data; for example models trained on American English speech will perform well when aligning
American English, but may be less effective on other
varieties of English [11].
When pre-trained acoustic models are unavailable
there are a couple of possible approaches:
• pre-trained models for some other language or
variety may still be used, possibly followed by
some manual correction, or
• if there’s enough speech data1 , acoustic models
can be trained directly on the data to be aligned.
Similarly, the pronunciation dictionary used can
influence the quality of alignments, as phonemes
that are present in the speech may be absent in the
dictionary or vice versa; for example a rhotic English dictionary used to align a non-rhotic variety of
English will result in spurious /ô/ phone alignments.
For major language varieties, pronunciation dictionaries are readily available, but they represent
‘standard’ pronunciations, and do not describe regional accent differences within their respective nations, nor varieties spoken in other countries. For
such varieties, there are a number of options available for arriving at a pronunciation dictionary:
• the dictionary of a similar variety can be used
or adapted,
• it may be possible to automatically generate a
dictionary for the specific variety,
• a dictionary can be created from scratch manually, or
• in some cases, pronunciations can be inferred
directly from the words’ orthographic spelling.
Each of these approaches to forced alignment can
be applied using LaBB-CAT. In the following section I will very briefly describe LaBB-CAT’s general
functionality, and then in the rest of the paper I will
describe how it can be used to apply each of these
approaches to forced alignment.

Large-scale phonetic study using speech corpora
generally requires automated forced alignment of
phones. When pre-trained acoustic models and pronunciation dictionaries are available for the language variety being studied, this is fairly straightforward. For other varieties, a number of other approaches can be used, including training acoustic
models on the corpus data itself, adapting existing
dictionaries, creating new ones, or inferring phonology from orthography.
This paper describes a number of approaches that
can be used to successfully force-align different varieties of English, and other languages for which
models and pronunciation dictionaries are not easily available, using LaBB-CAT.
Keywords: Forced alignment, pronunciation dictionary, pronunciation derivation, language varieties
1. INTRODUCTION
Phonetics research using large speech corpora generally requires automated ‘forced alignment’ to
identify phones and their start and end times. There
is a growing number of automatic speech recognition (ASR) tools that can help with this process,
which generally use acoustic models, a pronunciation dictionary, and orthographic transcriptions of
the speech to arrive at phone alignments.
Several ASR tools are readily available, such as
the HMM Tool Kit (HTK) [27], the Munich Automatic Segmentation system (MAUS) [21], and Kaldi
[19]. Around these are often wrapped higher-level
systems that either include pre-trained models, like
the Penn Phonetics Lab Forced Aligner (P2FA) [28]
and WebMAUS [24], or provide functionality that
eases data preparation and processing, like the Montreal Forced Aligner [17] and LaBB-CAT (described
briefly in section 2 below, and in detail in Fromont
& Hay [10]).
Pre-trained acoustic models work well aligning
data that is similar to the speech on which the models were trained, but their effectiveness is decreased

2. LABB-CAT
LaBB-CAT is a browser-based corpus management
system, developed at the New Zealand Institute of
Language, Brain and Behaviour at the University
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4. The data is force aligned using the newlytrained models, and the resulting aligned
phones are saved to the ‘segments’ layer.

of Canterbury, originally designed for sociophonetic
research in the Origins of New Zealand English
(ONZE) project [9]. It has since been used to manage a number of different corpora at different institutions (for examples, see [4, 13, 14, 15, 18, 23, 25]).
It is designed to be a data store for speech recordings, orthographic transcripts, and linguistic annotations. Annotations are organised in ‘layers’, and
can be manually applied or automatically generated. Annotations can include participant or transcript meta-data, broad temporal partitions of the
recordings, word-level tags, and sub-word units such
as time-aligned syllables and phones.
Annotations can be searched for patterns, and exported in a variety of formats for further analysis.
Automatic generation of annotations is performed
by ‘layer managers’, which are modules designed
to take inputs such as recordings, other annotation
layers, and dictionaries, and perform computations
that produce more annotations (and possibly other
kinds of data such as frequency lists, etc.).
Layer managers exist to perform a wide variety of
annotation tasks, including tagging tokens matching
patterns, summarising chunks with count and rate
information, tagging and analyzing word frequencies, syntactic parsing, tagging tokens with lexical
information, and forced alignment.
The user interface facilitates import, visualisation,
and export of data, dictionary management, bulk
acoustic measurement with Praat [3], and general
corpus management.
LaBB-CAT is free, open-source software.

Other possible configurations are described in the
following sections.
3. ENGLISH
3.1. Major Varieties

For major varieties of English, the most straightforward option is to use a standard dictionary for generating the phonemic transcription layer (step 1 in the
HTK layer manager process above).
3.1.1. British English
For ‘British English’ speech data, the CELEX English [1] lexicon can be purchased and downloaded
from the LDC3 and LaBB-CAT includes a module designed specifically to integrate with it; the
‘CELEX English layer manager’. Once the CELEX
files have been loaded into the layer manager, it can
be configured to tag word tokens with any lexical information in CELEX, including phonemic transcriptions4 .
3.1.2. American English
For ‘American English’ speech data, the Carnegie
Mellon University Pronouncing Dictionary (CMU
Dictionary) [20] is freely available and again LaBBCAT includes a module for its integration; the ‘CMU
Pronouncing Dictionary layer manager’. As there
are no restrictions on distribution of the CMU Dictionary file, the layer manager includes the dictionary pre-installed5 .

2.1. HTK Layer Manager

The layer manager commonly use for forcedalignment in LaBB-CAT is the ‘HTK layer manager’, which integrates LaBB-CAT with HTK [27].
Although this layer manager is included in LaBBCAT, the HTK software it integrates with must be
downloaded separately2 .
Usually this module uses a ‘train-and-align’ approach to forced alignment, using four phases:
1. A phonemic transcription annotation layer tags
each word token with its pronunciation. This
is done by some other layer manager (e.g. the
‘CELEX English layer manager’, described below).
2. Utterances and orthographic transcripts are extracted, and a pronunciation dictionary is compiled from the phonemic transcription annotation layer. This is generally done per speaker.
3. Speaker-dependent monophone models are
trained using the data gathered in step 2.

In the case of American English and the CMU
Dictionary, an alternative configuration of the HTK
layer manager is possible: the acoustic models that
form part of P2FA [28] are included in the HTK
layer manager6 , which can be configured to use
them instead of training new models (step 3 in the
HTK layer manager process above). As these models were trained on American English, the resulting
alignments are generally of high quality.
3.2. Other Varieties

The following subsections describe ways of dealing
with other varieties of English.
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tries (Australia and New Zealand). The accent rules
can also be manually adapted to suit other varieties
of English [8].
LaBB-CAT includes the ‘Unisyn layer manager’,
which is designed for ingesting Unisyn accentspecific lexicons. Unisyn must be downloaded separately, and the included scripts executed to produce a
lexicon for the desired variety. The resulting file can
be added to LaBB-CAT, and then the layer manager
can be configured to use it for the phonemic transcription annotation layer generated in step 1 in the
HTK layer manager process.
This approach was used with the Edinburgh
accent-specific lexicon by Solanki [22], and also for
Hawai’i English data, using a ‘General American’
dictionary, by Drager et al. [6].

3.2.1. Using a dictionary of a similar variety
Phonemic tagging and forced alignment were two
functions implemented early in LaBB-CAT’s development, when its primary use was for the ONZE
project7 .
It was found that that the phonology of the
‘British English’ represented by the CELEX English lexicon is sufficiently similar to New Zealand
English (NZE) that the resulting phone alignments
are of acceptable accuracy. The phonemic labels
are sometimes not ideal, but the differences are
systematically identifiable (for example words like
“systematically” have /I/ as the final phoneme in
CELEX, where in NZE ending with /i:/ would be
more accurate), so it’s not difficult to take them into
account when identifying tokens at scale.
One problem is that the ONZE corpus contains a
large number of New Zealand specific lexical items
that are not present in the CELEX lexicon. This is
a problem for forced alignment, because all words
must have an entry in the pronunciation dictionary.
However before forced alignment begins, LaBBCAT identifies all words with no phonemic transcription, and presents a list, allowing the missing
pronunciations to be filled in directly. The given pronunciations are added to LaBB-CAT’s internal lexicon so they can be used for other speakers, avoiding
duplication of work.
In this way, the ONZE Project has built up
a supplementary lexicon of almost 17,000 entries. This includes a great number of proper
nouns (e.g. “Christchurch”) and Māori loanwords
(e.g. “kōrero”), but also possessive forms (e.g.
“Christchurch’s”), words spelled with digits (e.g.
“1972”), and words that have come into common
use since CELEX was compiled (e.g. “blog”).
So for NZE, using a supplemented CELEX lexicon has worked well for forced alignment. This approach has also been applied successfully with other
varieties of English, including West Australian English [5], Liverpool English [25] and Glaswegian
English [23].

4. OTHER LANGUAGES
There are also a number of approaches that can be
used to force align languages other than English.
4.1. CELEX

CELEX includes not only an English lexicon, but
also a lexicon for German and another for Dutch.
LaBB-CAT includes layer managers designed to integrate with those lexicons – the ‘CELEX German
layer manager’ and the ‘CELEX Dutch layer manager’ – which work similarly to the English one in
allowing words to be tagged with lexical information, including phonemic transcriptions which can
then be used for forced alignment.
4.2. Custom Lexicons

For languages with no pronunciation dictionary
available, it’s possible for the researcher to compile
their own dictionary; LaBB-CAT includes the ‘Flat
File Dictionary layer manager’, which is designed to
allow the upload of one or more text files in commaseparated-value (CSV) format which is then used as
a lexicon for tagging word tokens. Such files can
be compiled using commonly-available spreadsheet
software, with one or more lines per word, and including a column for the word orthography and further columns for other lexical information, including pronunciation in any desired encoding (DISC,
ARPABet, Unicode IPA, X-SAMPA [26], etc.).
Such a custom lexicon needn’t be an exhaustive
list of words in the target language, it only needs
to include all the words used in the corpus, which
may be relatively few in the case of read-speech corpora. LaBB-CAT facilitates the task by including a
mechanism for automatically identifying words with

3.2.2. Generating a variety-specific dictionary
The Unisyn lexicon [7] developed by Fitt can provide more variety-specific pronunciations; it includes an ‘accent independent’ lexicon for English
and a set of scripts that apply rules to produce
accent-specific lexicons. Rule sets are included for a
number of British regional varieties (RP, Leeds, Edinburgh, Aberdeen, Cardiff, Abercrave, and County
Clare), three American accents (General American,
South Carolina, and New York), and two other coun-
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ing was marked as “mi”, the individual phrases that
were in English were annotated on the ‘language’
layer with the label “en”, and primarily English
transcripts featuring Māori phrases were similarly
tagged. In this way, the two layer managers can correctly tag all and only their respective tokens, even
in cases where the languages are mixed together in
the same transcript.
Another language for which a set of rules can
be easily map orthography to phonology is Spanish. LaBB-CAT includes the ‘Spanish phonological
transcriber layer manager’ which uses rules implemented by Baytukalov [2] to tag Spanish transcripts.

no phonemic transcription, and exporting a CSV
file which can then be manually filled in and reuploaded to the Flat File Dictionary layer manager.
Once the dictionary is complete and words have
been tagged with their phonemic transcriptions (step
1 in the HTK layer manager process), forced alignment can continue as normal.
This approach has been successfully used by
Kaźmierski [14] in compiling an IPA-encoded lexicon for Polish, followed by forced alignment using
the train-and-align approach. It was also used by
Heyne [12] to compile an ARPABet-encoded lexicon for Tongan. This was read speech, and there
was not enough speech data for each participant
to successfully use the train-and-align method, so
Heyne used the pre-trained P2FA models (trained on
American English) to achieve approximately correct
alignments, which were then hand corrected using
LaBB-CAT’s integration with Praat.
The Flat File Dictionary layer manager can also
be used in cases where a dictionary file for the language is available, but LaBB-CAT doesn’t include
another layer manager specifically designed for it.

4.4. BAS web services

WebMAUS [24] is a web service that force aligns
uploaded speech recordings by using models trained
on a wide variety of languages and accents, including American, Australian, British, and New Zealand
English, and Hungarian, Japanese, Maltese, among
other languages. WebMAUS has been made available as one of the BAS CLARIN web services [16],
which also include a service called “G2P” which
transforms orthographic transcripts into phonemic
transcriptions using more sophisticated algorithmic
methods than the rule-based ones mentioned in the
previous subsection.
LaBB-CAT includes a module designed to communicate with these two web services, called the
‘BAS Web Services Manager’. If the speech data
is in one of the many languages supported by the
services, and there are no restrictions preventing uploading the data to a third-party service, it’s possible
to phonemically transcribe and force align corpora
managed by LaBB-CAT without using the HTK
layer manager, and the other layer managers mentioned above, at all. This widens the number of
languages that can easily be force aligned to include several for which pronunciation dictionaries
and acoustic models are not otherwise available, and
also removes the need to have ‘enough data’ for
training models from scratch.

4.3. Inferred Phonemic Transcription

The orthography of some languages is closely related to its phonology. For example, in the case of
Te Reo Māori, it’s possible to devise a relatively simple mapping from spelling to phonemes; most letters can represent themselves, with some letter clusters mapping to specific phonemes (e.g. “ng” → /N/,
“wh” → /f/, etc.). LaBB-CAT’s ‘Character Mapper layer manager’ can be used to define the details
of such a mapping, in order to generate the phonemic transcription annotation layer (the HTK layer
manager’s step 1). Once that’s done, the rest of the
forced alignment process can proceed as normal.
This approach has been successfully used to force
align the MAONZE corpus [15], which is a bilingual corpus including both Te Reo Māori and New
Zealand English. As LaBB-CAT allows configurable metadata to be applied to transcripts, each
transcript was tagged with its primary language;
“mi” for Te Reo Māori and “en” for NZE. For
phonemic transcription tagging, the Character Mapper layer manager was configured to tag only “mi”
transcripts, and the CELEX English layer manager
was configured to tag only “en” transcripts.
Many MAONZE recordings in fact contain a mixture of the two languages, which were teased apart
for phonemic transcription purposes by using LaBBCAT’s ‘language’ annotation layer (which allows
tagging of multi-word stretches within the transcript). Where the primary language for the record-

5. CONCLUSION
Forced alignment of large corpora of both major language varieties, and of others, is becoming more
practical as the number of available tools increases.
LaBB-CAT is one such tool, which can marshall
a number of the others tools, and provides functionality to streamline common tasks, such as dictionary
filling and acoustic model training, to decrease the
drudgery sometimes associated with this task, before phonetic investigations at scale can be done.
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ABSTRACT

comparison task rather than true speaker identification. Recently, deep neural networks (DNNs) have
been highly successful in speaker classification tasks
when used as feature extractors with so-called bottleneck features [10] and embeddings [15]. Linear predictive cepstral coefficients or Mel frequency
cepstral coefficients are usually well-suited for these
systems. However, these parameters turn out to be
quite frustrating for phoneticians since, contrary to
e.g. formants, they are not interpretable in articulatory terms [1, 11].
As a preliminary step towards interpreting what
DNNs predict, we ran two experiments involving a
deep convolutional neural network (CNN). Firstly,
speaker classification was performed with speech
excerpts comprised of productions of French vowels /Ã/, /a/, /E/, /e/, /i/, /@/, and /O/ by 45
speakers. The CNN was provided with broadband spectrograms (SPECTR model hereafter). Secondly, the same model architecture was trained and
tested on the same vowels, but this time providing
the model with acoustic measurements traditionally
used by phoneticians (PHONET model henceforth)
rather than spectrograms.
The SPECTR model was expected to achieve better
scores than PHONET because contrary to the latter,
SPECTR had the opportunity to learn its own phonetic representations, and also, it was trained with a
higher-dimensional space. Our prediction was borne
out, and it is precisely the comparison between the
two models and how they allow us to infer relevant
phonetic features for speaker classification that constitutes the aim of the current work.

Broadband spectrograms of French vowels /Ã/, /a/,
/E/, /e/, /i/, /@/, and /O/ extracted from radio broadcast corpora were used to recognize 45
speakers with a deep convolutional neural network
(CNN). The same network was also trained with 62
phonetic parameters to i) see if the resulting confusions were identical to those made by the CNN
trained with spectrograms, and ii) understand which
acoustic parameters were used by the network. The
two networks had identical discrimination results
68% of the time. In 22% of the data, the network
trained with spectrograms achieved successful discrimination while the network trained with phonetic
parameters failed, and the reverse was found in 10%
of the data. We display the relevant phonetic parameters with raw values and values relative to the
speakers’ means and show cases favouring bad discrimination results. When the network trained with
spectrograms failed to discriminate between some
tokens, parameters related to f0 proved significant.
Keywords: deep learning, voice comparison, forensic phonetics, vowels, phonetic parameters.
1. INTRODUCTION
Traditional phonetic analyses tend to focus on production features – realizations of specific phonemes
or prosodic units – that are relatively stable across
speakers, and individual strategies are frequently
overlooked. In contrast, speaker recognition and
forensic voice comparison seek to select phonetic
features that display maximal between-speaker variation. In the present work we aim at identifying
phonetic invariants that are helpful for speaker characterization, be it for phoneticians willing to better understand the articulatory habits that are representative of speakers, or for automatic speaker
recognition systems in small datasets, for example [6]. This experiment is thus closer to a voice

2. SPEECH MATERIAL AND METHOD
2.1. Vowel extractions

The vowels were extracted from the ESTER Corpus [3], a radio broadcast corpus characterized by
prepared speech [4]. France Inter, France Info and
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2K, 2K-5K. These are provided as corrected (c) relative to the measured formants (except for 5K), but
also uncorrected (u), see [13] and [8] for more information on the parameters. The 62 parameters were
measured every millisecond.
These parameters are considered to be good descriptors of voice quality, which is an important aspect in voice comparison [12], and they have been
used in the relevant literature [8]. Measurements of
spectral moments: center of gravity (COG), kurtosis, skewness, and standard deviation (SD) were extracted with Praat. All values were normalized per
vowel for all speakers on a 0-255 scale, in order to
match the quantization of our spectrograms, and resized to 224 × 224 to conform to the fixed input size
of our model. For the descriptive phonetic analysis we carried out after running the DNNs, values
were taken at 25, 50 and 75 % temporal points and
were averaged here for the sake of legibility. The
spectral variation within each vowel will have to be
accounted for in a follow-up study.

Radio France International were the three sources
and some speakers had occurrences over different
radio stations. We used the phonetic alignment
provided with the corpus by the IRISA (Institut de
Recherche en Informatique et Systèmes Aléatoires)
through the AFCP (Association Francophone de la
Communication Parlée) website (http://www.afcpparole.org/camp_eval_systemes_transcription/).
Automatic alignment was used to extract vowels
with a rectangular window shape and without their
phonetic context, the latter being neither controlled
nor provided to the network. Vowels were extracted
from 35 male speakers and 10 female speakers.
2.2. Spectrograms

Based on Praat default values, we chose to use
5.0625 ms frames and 0.5 ms hop size for spectrograms with a 16 kHz sampling rate. The speech segments were element-wise multiplied by a Hamming
window and padded to obtain 512-sample segments
on which FFT was applied. No pre-emphasis was
performed and the dynamic amplitude range was
normalized to 70 dB to make sure that dynamics did
not bias discrimination. Vowels whose duration was
greater than 250 ms were left out; the shortest vowels were 30 ms long. Spectrograms of vowels shorter
than 250 ms were padded with zeros in order for all
spectrograms to have equal width. They then were
converted to 8-bit grayscale images and resized to
224 × 224 pixels, where a pixel was equal to 1.15
ms in the time dimension and 35.71 Hz in terms of
frequency. The conversion to 8 bits was performed
so that GPU memory would handle mini-batches of
sufficient size.

2.4. Model training and testing

We used VGG 16 [14], which is a popular CNN in image recognition. In bith experiments the model was
re-trained from scratch with randomly initialized
weights. The models were trained using an NVIDIA
GTX 1080 GPU with the Adam optimizer [7], with a
gradient decay factor of 0.900, and a squared gradient decay factor of 0.999. The initial learn rate was
0.0001 and the mini-batches contained 56 spectrograms. For each vowel and each speaker, 140 tokens were used for training (70 %), 20 for validation
(10 %), and 40 for test (20 %). One SPECTR model
and one PHONET model were trained for each of the
7 vowels in our dataset.

2.3. Measurements of phonetic parameters

Phonetic parameters were collected with Praat [2]
and VoiceSauce software [13]. VoiceSauce is a Matlab toolbox that provides automated voice measurements from audio recordings. Most parameters gathered within VoiceSauce are measured using several
software programs, thus providing several values for
the same phonetic parameter.
We used the full selection of measurements, that
is f0, formants F1-F4 center frequencies and bandwidths, energy, cepstral peak prominence (CPP),
harmonic to noise ratios (HNR), subharmonic to harmonic ratio (SHR), strength of excitation (SOE) for
the uncorrected parameters. All other parameters
measured by VoiceSauce are H1 (amplitude of harmonic 1), H2, H4, A1 (amplitude of formant 1),
A2, A3, 2K (amplitude of the harmonic at 2kHz),
5K, H1-H2, H2-H4, H1-A1, H1-A2, H1-A3, H4-

3. RESULTS
3.1. Classification rates

The results presented in Table 1 show that features
learned from spectrograms (SPECTR) score on average 10-15 points above the acoustic features. The
highest scores, above 69% accuracy, are highlighted
in bold. For our descriptive analysis the results were
split into 5 categories:
• cat. 1: PHONET was successful.
• cat. 2: SPECTR successful.
• cat. 3: PHONET successful; SPECTR failed.
• cat. 4: PHONET failed; SPECTR successful.
• cat. 5: PHONET and SPECTR failed.
The two networks showed identical classification results for 68.0 % of the test vowels, whether
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Table 1: Classification rates (%) for each vowel
according to the two methods (P for PHONET and
S for SPECTR).

cat.
cat. 1
cat. 2
cat. 3
cat. 4
cat. 5

Ã
71.2
86.7
5.8
21.3
7.4

a
69.3
77.1
10.5
18.3
12.4

E
63.6
75.4
10.3
22.1
14.3

e
64.8
76.0
9.7
20.9
14.3

i
53.1
69.8
10.5
27.3
19.7

@
57.9
71.5
10.1
21.4
25.2

Table 2: Eta squares for each vowel for main phonetic parameters (values above 30 % in bold).

P
H1c
H2c
H4c
H1H2c
A1c
H1A1c
CPP
energy
sF1
sF2
sB1
sB2
COG
skewness
kurtosis
SD
HNR35
pF0

O
63.2
74.5
11.6
25.2
16.9

correct: 53.5 % or incorrect: 14.5 %. 22.0 % of
the vowels were correctly classified with SPECTR
while PHONET misclassified them, and the reverse
was found in 10.0 % of the vowels. For both methods, /Ã/ had the best discrimination results. Table 1
also shows that with SPECTR, the difference is more
important between /Ã/ and the other vowels.
Classification results according to speaker sex
were better for male speakers (67.6 %) compared
to female speakers (62.0 %) with PHONET, while
they were very similar with SPECTR (74.5 % vs.
76.4 %). As could be expected due to f0 and spectral similarity, discrimination errors were more frequent within the same sex but more so for male
speakers compared to female speakers: 92.0 % vs.
70.0 % on average for both models. While, as is
well known, some PHONET parameters (e.g. formants) are sensitive to differences between men and
women, CNNs trained with spectrograms may be
more immune to such differences – and therefore
constitute effective normalization tools – because
they are translation invariant [5].

Ã
61
43
17
48
20
47
13
54
9
18
12
14
27
20
15
14
35
47

a
55
39
25
51
22
54
14
58
7
18
11
9
27
22
17
24
34
40

E
47
38
20
51
16
47
11
52
17
29
13
10
24
27
12
28
38
38

e
50
44
19
20
15
42
13
50
17
37
11
9
26
30
24
21
36
39

i
33
23
15
52
8
12
11
45
8
25
7
6
13
25
15
17
34
37

@
47
36
20
51
13
36
10
53
10
9
7
11
6
36
35
11
38
36

O
47
40
25
48
16
38
11
50
7
11
9
8
19
20
19
25
37
34

showed collinearity, the one with the highest weight
was chosen, that is HNR35, energy, H1u, H1H2u,
H1H2c, H1A1u, skewness, COG, pF0, H2KH5Kc,
A2u, and A3u.
Figure 1: Mean values of H1A1c for /Ã/ reordered by speaker’s mean.

3.2. Relevance of phonetic features

A MANOVA for each vowel was conducted with
all phonetic parameters as dependent variables and
speaker identity as independent variable. In order to
test the post-hoc relevance of phonetic parameters,
we also calculated the eta-squared values for univariate ANOVAs with speaker as independent variable. Only eta-squared values higher than 10 for all
vowels are considered here (see Table 2). Measurements containing more than 25 % of undefined values were discarded: pB4, SOE, pF4, epoch, & SHR.
We then calculated a linear discriminant analysis,
so that we could infer the weight of each acoustic parameter as well as their degree of collinearity since
collinearity is expected considering some measurements are identical phonetic parameters provided by
several software. Parameters that did not show any
collinearity for more than one vowel were kept for
the following sections, and among parameters that

Fig. 1 illustrates that H1A1c values display consistent between-speaker variation. Phonetic parameters with a higher eta-squared value thus imply a
steeper slope between speakers.
3.3. Comparing correct and incorrect classification

By computing the mean per speaker for each phonetic feature and for each vowel, as shown in Fig. 1
for H1A1c and /Ã/, we calculated the difference
for each occurrence between its actual value and its
mean for each speaker and analyzed its distance to
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characterized by a lower f0 compared to the mean
and compared to speakers with high discrimination
rates. The same was found for H1H2u, H1H2c, and
COG. They were however characterized by higher
values of H1u, Energy, H1A1u, HNR35, and skewness.

the mean. If the value was too far away from the
mean value, then it was expected to be less typical
of the speaker. Within-speaker variation therefore
stands out as a plausible reason for incorrect classification.
Figure 2: Mean values of H1c for all vowels according to classification results.

Figure 3: F0 mean values for /Ã/ according to the
classification result quality.

Fig. 2 shows occurrences where discrimination
was successful (cat. 1 & 2) compared to occurrences
where discrimination had failed for both PHONET
and SPECTR (cat. 5), and for all vowels a significant difference was found:
• incorrect classification showed higher values
than the speaker’s mean for pf0, HNR35, skewness, and H1A1u.
• correct classifications showed higher values for
energy, H1u, H1H2u, H1H2c, H2KH5Kc, CPP,
A2u, and A3u.
When comparing the complementarity of
PHONET and SPECTR – that is when PHONET
yielded correct classification while SPECTR had
misclassifications (cat. 3 from Table 1), and viceversa (cat. 4) – results were mostly inconsistent.

4. DISCUSSION AND CONCLUSION
The vowel for which the best results were achieved
was the nasal vowel /Ã/. It has been argued that
it was better than other vowels for speaker discrimination [1] as the opening of the nasal cavity in
these phonemes adds relevant acoustic information.
Nasal vowels are also longer than oral vowels (100
ms vs 60 ms on average) and thus naturally bring
more acoustic information. These results emphasize
the difficulty phoneticians encounter in the acoustic analysis of specific phonemes, like nasal vowels
due to the presence of anti-formants in their spectrum [9], or high vowel /i/, acoustic information
about the first harmonics is often biased by the presence of the first formant. Formants 1 to 2 and their
bandwidths were poor indicators of speakers’ characteristics, which was expected as they are known to
be good descriptors of vowel category, especially for
oral vowels. We found that F4 was characterized by
high eta-squared values but with many missing values, this point will have to be further investigated.
Phonetic parameters like f0, energy, H1, HNR,
and skweness were useful to recognize speakers, and
the SPECTR model did not seem to fully take them
into account. Future work will explore early/late
fusion strategies to measure how phonetic features
identified here as relevant might enhance performance when used in conjunction with spectrograms.

3.4. Comparing good speakers and poor speakers

In order to understand the differences between
speakers who show the best results (good speakers)
and those with the worst results (poor speakers), we
analyzed the four male speakers with the best classification results, together with the four male speakers with the worst results, and who were common
to both methods. The four good speakers represent 13.7 % ( SPECTR ) and 14.8 % ( PHONET ) of the
successful predictions, while the four poor speakers
represent 17.1 % ( SPECTR ) and 16.1 % ( PHONET )
of the mistakes. We used raw values this time as
we only compared a few speakers with supposedly
different characteristics. We considered a third category for better comparison, the mean of all the 45
speakers. We only mention here results that are stable for all vowels. As can be seen in Fig. 3, the
4 speakers with the worst discrimination rates are
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ABSTRACT

category.
In this paper, we investigate whether systematic production distinctions between FOOT and
STRUT vowels are also present across a selection of urban Northern English accents spoken
in Hull, Leeds, Liverpool, Manchester, Newcastle
upon Tyne, Sheffield and York. Our interest is in the
overall distribution of the phonetic distance between
these two categories, and whether such distribution
is constrained by any geographic or social factors.
Our data come from the English Dialects App
Corpus (EDAC) [13, 14]. They are crowdsourced
recordings of the passage ’The Boy who Cried
Wolf’, collected via mobile phones. The corpus currently contains recordings from 3,500 speakers in
the British Isles (including Republic of Ireland), and
as such, it is an extremely rich resource for studying dialectal variation. The text contains all vowels
of English, and hence it is useful for mapping out
vowel spaces [8]. From the technical point of view,
we expect the recordings to be generally suitable for
an instrumental analysis of formant values [7].
At the same time, the corpus was not designed to
study any particular phonetic variable. This is an
important factor for us to consider, because we want
to determine whether two vowels are merged or not,
and established ways of doing that are not applicable to this type of data. The gold standard in determining the presence of a phonemic distinction is
the minimal pairs test in production and perception,
but there are no FOOT-STRUT minimal pairs in the
corpus, nor do we have perception data. The second problem is that the text is quite short, and therefore relatively few words from each lexical set are
present (see Table 1). Consequently, any attempts to
apply by-speaker statistical measures, such as Pillaiscores [11], raise concerns of statistical power. Finally, the effects of lexical set and phonological environment are confounded in the text. For instance,
there are only four distinct FOOT words, and two of
those involve a following /l/, which is known to exert a strong F2 lowering effect on the preceding /U/
[17]. Out of the eight STRUT words, four have a
STRUT

The FOOT and STRUT lexical sets did not undergo a
historical split in the North of England, and these
vowels are said to remain a single phoneme for
present day Northern English speakers. However,
several sources report variation in this respect. We
analyse this variation in production, using acoustic
analysis of crowdsourced data from 141 speakers of
seven Northern English urban dialects. 36 speakers
in our sample show a categorical distinction between
FOOT and STRUT . Highly mobile speakers are more
likely to have this distinction, compared to speakers with low mobility. A categorical split is also
more likely in speakers from Newcastle, compared
to several other cities. While we find no evidence
that FOOT and STRUT vowels are splitting in the
North, we discuss how the observed variation may
contribute to the presence of marginal contrasts.
Keywords: Northern English; FOOT-STRUT contrast; vowel split; crowdsourced data
1. INTRODUCTION
The absence of a phonemic contrast between FOOT
and STRUT vowels is traditionally a major defining feature for Northern varieties of British English
[2, 19]. It is also a salient marker of Northern English, sometimes taken as an isogloss demarcating
the North of England from the South [18, 19].
However, several sources note that the FOOT and
STRUT vowels may be distinct for some Northern
English speakers [1, 3, 19], as well as for EastMidlands speakers who traditionally do not have a
split [5]. In a study of 123 speakers from Greater
Manchester, Baranowski & Turton find eight who
have a phonemic distinction, i.e. FOOT and STRUT
are separate phonemic categories in production and
perception, similar to Southern English speakers.
Furthermore, some speakers in the same study who
do not have a phonemic contrast, may show small
but systematic phonetic differences between FOOT
and STRUT, mainly realised as F1 lowering for the
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nasal following the vowel, which is likely to raise
the F1 [12]. Prosodic factors, such as size of the
word, are not controlled for either.

2.2. Speakers

For the present analysis, we selected 141 speakers
from EDAC. They represent seven cities in the North
of England: Hull (N =15), Leeds (N =27), Liverpool (N =19), Manchester (N =25), Newcastle upon
Tyne (N =22), Sheffield (N =19) and York (N = 14).
One of the reasons for selecting these cities was geographic diversity: the cities are spread over a relatively large area, and they represent a variety of
Northern urban dialects. Our rationale for focusing
on urban varieties is that we expect urban dialects to
show more variation, due to migration patterns and
increased contact with non-local dialects, which, in
the British English context, may involve increased
exposure to varieties with the FOOT and STRUT split.
The main criterion in the selection of particular
cities was the number of speakers in the corpus representing each city. For each city, we selected all
the speakers for whom we had the complete passage
recording, also checking that the recording quality was clear enough for instrumental analysis. We
made sure that there were no interruptions, no additional talkers present, and no excessive background
noise. The speakers were asked to determine themselves which dialect they represent, by putting a pin
on a locality that best corresponds to their dialect.
The age of the speakers ranged from 9 to 73 years,
with a median of 28. 50% of the participants were
between 21 and 36 years of age. The sample included 82 female and 61 male speakers.
Additional information we have about the speakers concerns mobility, operationalised as the number
of times the person has moved over the last 10 years.
There were four response categories, corresponding
to 0, 1, 2–3, and 4 moves or more. The responses
in our sample were evenly distributed between the
four groups. with 35, 32, 39 and 32 speakers in each
respective category.

Table 1: Items from the FOOT and STRUT lexical
sets in ‘The Boy who Cried Wolf’ passage
FOOT

STRUT

full; foot; good; wolf
(4x)

come;
company;
cousins; duck; fun;
much; some; rushed

The problem with the phonological environment
confounds is that they systematically affect the distances we can measure between the two vowels: We
cannot estimate the distance between the two vowels independently of the phonological environment.
Nycz and Hall-Lew discuss this issue in the context
of near-mergers [16]. Although our case does not
technically involve a merger, it bears some phonetic
similarities to a near-merger situation, since previous reports indicate that FOOT and STRUT classes
largely overlap in the North, but small systematic
differences between them still persist [1].
Due to the nature of EDAC data, and conscious of
the limitations discussed above, we investigate the
distance between FOOT and STRUT vowels from the
point of view of inter-speaker variation. While we
may not be able to determine for each and every
speaker whether the two vowels form a single class
or not, we are able to systematically compare the
FOOT and STRUT realisation between speakers, because all speakers read the same text. Based on this,
we investigate the range of distances between FOOT
and STRUT categories in our sample of Northern
speakers, and we identify subpopulations of speakers, based on Gaussian mixture modelling.
2. MATERIALS & METHOD

2.3. Data processing

The audio files were forced aligned using an HTKbased forced aligner that was developed in-house.
For some of the tokens, the onset and offset of the
vowel were manually corrected by two undergraduate research assistants. This was the case for all the
tokens of duck, foot, feast, plan, thought. For the remaining tokens, we proceeded with the output of the
forced alignment.
We measured the first two formants of each vowel
token at the acoustic midpoint, using a Praat script.
We used the Burg algorithm in Praat [4], with the
standard settings (maximum 5 formants, 25ms window, 50 Hz pre-emphasis). For male speakers, we

2.1. Materials

As discussed in Section 1 above, EDAC is based on
recordings of ‘The Boy who Cried Wolf’ passage.
In this passage, we focused on the FOOT and STRUT
words listed in Table 1. We also included measurements of three items including vowels closer to
the corners of the vowel space: feast (lexical set of
FLEECE), plan (lexical set of TRAP) and thought.
For a detailed description of how the original data
were acquired, see [14].
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ing on the lexical set within this speaker group, with
p−values lower than 0.001 for both normalised F1
and F2.

set the maximum formant at 5kHz, whereas for females speakers, it was 5.5kHz.
Since the automated labelling and measurement
procedure inevitably produces some errors, we removed outliers, defined as values removed more
than 2.5 SDs from the mean value of F1 and F2
within each lexical set for each speaker. We then
z-score normalised the F1 and F2 values within each
speaker [15] to reduce inter-speaker variation related
to anatomical differences. We included the corner
vowels in the scaling.

Figure 1: Results of clustering showing two
groups of speakers distinct in their realisation of
FOOT and STRUT
Group 1

Group 2

0.5 0.0 -0.5 -1.0

0.5 0.0 -0.5 -1.0

F1 (normalised)

-1.0

2.4. Statistical analysis

For each speaker, we calculated the median value
of F1 and F2 for the FOOT and STRUT sets. In this
way, we obtained four distinct values per speaker,
which we then used as the input to a Gaussian mixture modelling analysis implemented in R, using the
mclust package [10, 9]. This procedure estimates
the probability of the existence of subpopulations
within the overall population. We expect that the
default realisation of FOOT and STRUT in North of
England should involve no contrast between those
categories, although we also expect that differences
between these two categories may be detectable
in our data, due to phonological environment confounds. If some speakers have a categorical FOOT STRUT distinction in production, we expect them to
pattern differently from the remaining speakers, i.e.
they will form a separate group.

-0.5
0.0
0.5
1.0

F2 (normalised)

keyword

FOOT

STRUT

In order to gain a better understanding of who
the speakers in each group are, we applied a generalised linear model, with the classification (group
1 or group 2) as the dependent variable, and with
age, sex, city and mobility as predictors. Predictors were interpreted as significant if p was lower
than .05. The results show an effect of mobility,
in which highly mobile speakers (those who have
moved more than four times in the past years) are
more likely to have a categorical split, compared to
speakers who have not moved at all in the same time
span (β =1.46, SE = 0.70, t =2.084, p <.05). In
terms of geographical distribution, Newcastle speakers were significantly more likely to have a categorical split, compared to speakers from Leeds, Manchester, Sheffield and York (p < .05 for all pairs).
No significant differences were found between any
other pairs of cities. Table 2 shows the numbers of
speakers from each city classified as group 1 and
group 2.

3. RESULTS
Based on mixture modelling, the best-fitting model
of the data had 2 mixture components, which suggests there are two latent groups amongst our speakers. Figure 1 shows the two clusters of speakers that
were identified. The two facets correspond to the
two groups identified by the model, and each subplot
shows the relative realisation of FOOT and STRUT
within each group. For group 2, FOOT and STRUT
categories are completely separate. This separation
is mainly along the F1 dimension, with considerable
F1 raising for STRUT, which is consistent with the
way the FOOT - STRUT split is realised in the South
of England. In addition, group 2 shows more variance along the F2 dimension, with some relatively
front median FOOT realisations. Group 2 (categorically separated) comprises 34 speakers (24% of our
sample).
For group 1 (107 speakers), the two vowel categories overlap to an extent, although they are not
identical. Based on Wilcoxon tests, there was a significant difference in normalised F1 and F2, depend-

4. DISCUSSION
In our sample of 141 speakers who self-identified as
speakers of an urban Northern English accent, almost a quarter (34 speakers) had a considerable distance between FOOT and STRUT lexical sets, such
that these two sets form separate categories in pro-
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Table 2: The number of speakers in each city classified as group 1 and 2

Group 1

Group 2
(categorical split)
Hull
12
3
Leeds
22
5
Liverpool
15
4
Manchester
20
5
Newcastle upon Tyne
11
11
Sheffield
16
3
York
11
3
duction at the level of this sub-population. Although
in the absence of perception data, we cannot conclude that these speakers have a phonemic FOOT and
STRUT distinction, their production pattern is similar to how FOOT and STRUT are realised in the South
of England, where they are separate phonemes.
Although we expected to identify speakers like
this in our Northern sample, it is quite striking
that there are as many. Recall that in a large recent Manchester corpus, only about 6% showed a
phonemic FOOT and STRUT contrast [1], whereas we
find larger proportions both across the North and in
Manchester alone. We speculate that the discrepancy between the two studies can be explained by
potential differences in speaker sampling with respect to mobility patterns. Baranowski & Turton
surveyed native speakers of Manchester English resident in Manchester. In contrast, EDAC imposes
no such restrictions, and thus the respondents may
include speakers who have moved away from their
native area, but who still identify as speakers of a
particular accent, or speakers who have grown up in
a particular locality, but whose parents come from
elsewhere. Therefore, the frequency of a categorical
FOOT - STRUT distinction we find may not be representative of its frequency in more ‘pure’ Northern
English accents.
Imposing restrictions on speaker mobility is a feature of traditional dialectology, inherent to its reliance on NORMs (Non-mobile Old Rural Males).
EDAC represents a radical departure from this
methodological approach, and hence it is not a suitable tool for identifying traditional accents. On the
other hand, the type of variation recorded in EDAC
is probably more representative of actual variation
found in modern day urban localities, in which high
levels of migration lead to increased mixing between
different varieties. Taking the example of Manchester, the city’s population grew by 19% between
2001 and 2011, reaching 503,127 at the time of 2011
census [6]. Over this period, more than 30,000 people moved into Manchester each year from different
locations in the UK, while a slightly higher number
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left Manchester for elsewhere in the UK.
These trends suggest that highly-mobile individuals may be increasingly the norm, and therefore
mixed dialects are becoming an important feature of
the overall linguistic landscape. The importance of
mobility as a contributing factor to language variation is underscored by our finding that low mobility,
operationalised as having lived in the same household for ten years or more, is predictive of having
considerable overlap between FOOT and STRUT categories, whereas highly-mobile speakers are more
likely to have a categorical split.
One way to interpret the mobility findings is in
terms of standardisation and dialect levelling [20].
Since the FOOT-STRUT split is a feature of Standard (Southern) English, the relatively more mobile speakers may be adopting this variant. On the
other hand, however, the standardisation account is
complicated by the fact that we do not find an effect of other predictors known to affect the adoption of prestige forms, such as gender. Neither do
we find evidence that the distinction between FOOT
and STRUT is a change in progress. Thus, our current results present a picture, in which the presence
of a FOOT-STRUT distinction is a distinct minority
pattern, relatively stable across speakers of different
age and sex. Furthermore, while Newcastle stands
out in having relatively more speakers with a categorical split, such speakers are found in all the cities
in our data.
The presence of such variation compels us to ask
how it might influence the conservative Northern unsplit realisation of FOOT and STRUT. We note that
FOOT and STRUT differ significantly among the F1
and F2 dimensions for those speakers who do not
have a categorical distinction. This may be due
to the unbalanced phonological environment in our
test items, as discussed in Section 1, but we could
also hypothesise that, in addition to coarticulation
effects, the increased presence of unmerged FOOT
and STRUT exemplars to which all Northern speakers are exposed may lead to small, but consistent differences in production for some groups of speakers.
We could not verify this hypothesis using present
data, but it could be tested in a follow-up study including Northern English speakers, and using more
controlled test items. If a small distinction persists,
it would support the existence of a marginal split,
phonetically not unlike a near-merger.
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ABSTRACT
Speech input causes listeners to activate multiple
candidate words which then compete with one
another. These include onset competitors, that share a
beginning (bumper, butter), but also, counterintuitively, rhyme competitors, sharing an ending
(bumper, jumper). In L1, competition is typically
stronger for onset than for rhyme. In L2, onset
competition has been attested but rhyme competition
has heretofore remained largely unexamined. We
assessed L1 (Dutch) and L2 (English) word
recognition by the same late-bilingual individuals. In
each language, eye gaze was recorded as listeners
heard sentences and viewed sets of drawings: three
unrelated, one depicting an onset or rhyme competitor
of a word in the input. Activation patterns revealed
substantial onset competition but no significant
rhyme competition in either L1 or L2. Rhyme
competition may thus be a “luxury” feature of
maximally efficient listening, to be abandoned when
resources are scarcer, as in listening by late
bilinguals, in either language.
Keywords: spoken-word recognition, bilingualism,
lexical competition, eyetracking
1. INTRODUCTION
To understand spoken language, listeners have to
segment separate words out of a continuous stream of
incoming speech that does not typically contain clear
word boundaries. Listeners do not wait until the end
of an utterance, but start processing as soon as they
hear the first phoneme. Words that match the
incoming speech are activated in the listener’s mind
and as the speech continues, and more information
about the intended words becomes available, most of
the activated words are no longer supported by the
speech input and are hence discarded. A word is
recognised when only one lexical candidate remains
and ‘wins’ this lexical competition (see [14] for a
review), a process that can be successfully captured
by eye-tracking studies [1, 30], in which participants’
eye gaze is recorded as they listen to speech while
viewing displays of images or written words on a
computer screen. The strength of lexical activation of
the words or the images depicting them is reflected by
the number and duration of looks to them. Typically,
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words that overlap with the onset of a spoken word
(“onset competitors”) compete both earlier in time and
more strongly for recognition than words that overlap
with the offset [i.e., rhyme competitors; 1, 25].
Second language (L2) listeners face many spokenword recognition problems that do not trouble native
(L1) listeners, as when phonetic misperception [e.g.,
5, 15, 17] leads to the activation of spurious lexical
candidates [8, 13] and failure to de-activate words
that no longer match the speech input [12]. These
problems make L2 listening harder than L1 listening
[e.g., 11, 16]. As yet, however, it is not known how L1
and L2 lexical processing compare in one and the
same listener. If the activation and competition of
word candidates occurs in the same way in L2 as in
L1 listening, then L2 listeners will show L1-like
onset-rhyme effects. We here address this question in
a population of Dutch-English bilingual emigrants
living in an L2 immersion environment (Australia).
This population allows us to ask further whether
listeners who predominantly use, and are highly
proficient in, their L2, still show the typical lexical
competition processes in their L1. In equivalent
experiments in each of their languages, we compare
the processes of lexical activation and competition in
L1 and L2 listening as revealed by the patterns of eye
gaze to drawings representing competitor words that
overlap with the onset or rhyme of a heard word.
2. METHOD
2.1. Participants

Eighteen Dutch emigrants from Sydney, Australia,
(aged 27 – 73 years, M = 50.1, SD = 15.4; 11 females)
participated in two experiment sessions in exchange
for a small reimbursement. Data from two further
participants were discarded due to calibration
problems in both sessions. All participants were native
speakers of Dutch, who had migrated to Australia as
adults (mean age at migration = 29.3 years, SD = 8.5).
Their mean length of residence in Australia was 21.3
years (SD = 16.1). Participants were highly proficient
in both Dutch and English, with mean scores of
92.2% (SD = 5.8) on the Dutch and 94.1% (SD = 5.2)
on the English version of LexTALE [21]. Written
informed consent was obtained from all participants.

2.2. Design and materials

Two versions of the experiment were constructed in
parallel. The materials in the L1 version were in Dutch,
in the L2 version in English. Three sets of 40 sentences
– one set each for Onset and the Rhyme conditions, and
one filler set – were recorded with neutral intonation
by a female native speaker of Dutch (L1 version) or
Australian English (L2 version). Recordings were
made with Adobe Audition in a sound-attenuated
booth at a 44.1 kHz sampling frequency. Each sentence
contained a critical word that was not easily
predictable from the preceding context (e.g., The box
did not contain the butter that the customer had
ordered) and was paired with a visual display of four
black-and-white line drawings. Three drawings were
distractors (neither semantically nor phonologically
related). In filler trials only, the fourth drawing
depicted the critical word itself, while in Onset and
Rhyme conditions, the fourth drawing depicted a
competitor that shared respectively its onset or rhyme
with the critical word (e.g., button as onset competitor
for butter, jumper as rhyme competitor for bumper).
Thus a “target” drawing matching the critical spoken
word was absent from the competitor conditions, as
in the standard predecessor studies with this paradigm
[18, 24]. Competitor/target and distractor images
were counterbalanced across four fixed positions on
the screen. Mean overlap for the onset competitors
was 3.8 phonemes in the L1 and 3.5 phonemes in the
L2 materials; mean rhyme overlap was 3.2 and 3.5
phonemes in the L1 and L2 materials respectively.
As bilinguals may activate lexical candidates from
both languages during spoken-word recognition [29,
31], all distractors in each trial were phonologically
unrelated to the critical word they occurred with, both
in L1 and L2. Since cognates are particularly affected
by cross-language co-activation [6], any competitors
that were cognates in Dutch and English were always
paired with distractors that were cognates in both
languages as well. This was the case in 17 Onset and
13 Rhyme trials in the L1 experiment, and in 18 Onset
and 14 Rhyme trials in the L2 experiment.
2.3. Procedure

All participants completed L1 and L2 experiment
sessions, approximately three weeks apart (M = 18.3
days, SD = 4.7, range 12 – 29 days). Session order
was counterbalanced across participants. The
experimenter (the first author) is a native speaker of
Dutch who is fluent in English and the language that
was spoken during each session depended on the
participant's preference. For the majority of
participants, this was Dutch. The same experimental
procedure was followed for both sessions.
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Participants were tested individually in a soundattenuated booth, while seated in front of a computer
screen at a comfortable viewing distance.
Participants' eye movements were recorded at a
sampling rate of 1000 Hz (monocular) using an
Eyelink 1000 Tower Mount system with chin and
forehead rest (SR Research, Ltd.). Auditory stimuli
were presented over Beyerdynamic DT770 pro
headphones at a loud but comfortable level that was
kept constant for all participants. Written instructions
were presented on the screen in the language of the
experimental session and were subsequently repeated
orally by the experimenter and clarified if needed.
Participants were instructed only to listen to the
sentences and to not take their eyes off the screen.
Before the start of the experiment, the eyetracker was
calibrated and validated using a 9-point calibration
grid. An automatic drift check was conducted after
every five trials and calibration was subsequently
repeated if required. Each trial began with a fixation
cross appearing in screen centre; participants were
instructed to look at this cross until it disappeared. At
this point the visual display was shown for 1s. After
this preview period the sentence started playing while
the display remained on the screen.
The experiment presented here formed part one of
a larger eyetracking study with several listening
conditions. Within each session, participants were
presented with only 60 of the 120 available sentencedisplay pairs (20 Onset, 20 Rhyme and 20 filler trials).
One set of 60 pairs was used with half the participants,
the remaining pairs with the other half, in a different
randomisation per participant.
3. RESULTS
Data for one participant in the L1 experiment and two
other participants in the L2 experiment were excluded
from analysis due to calibration difficulties. Data
from 17 L1 listeners and 16 L2 listeners (18 unique
participants) were thus included in the reported
comparisons. (N.B.: Analysis of data from only those
15 participants who completed both experiments
yielded the same significant effects and interactions
as reported here.) To maintain integrity of the
eyetracking data, trials with a track loss percentage
above 30% were excluded from analysis. This was the
case for 10 of 1020 trials for the L1 experiment and
29 of 960 trials for the L2 experiment. Fig. 1 shows,
for both experiments, the mean fixation proportions
to competitors and distractors from the onset of the
critical word for the Onset (top panel) and the Rhyme
condition (middle), and the mean fixation proportions
to target and distractors for the filler trials (bottom).
Proportions were calculated over 20 ms time bins and
distractor proportions averaged over three distractors.

For a comparison of the lexical competition
listeners experienced in L1 and L2, the looking
behaviours of the L1 and L2 experiments were
analysed within over a 1s time interval starting at 400
ms after critical word onset. The start of this window
was chosen as the time point at which the lines
representing the proportion of looks to the target and
to the distractors start to diverge in the filler trials.
Figure 1: Fixation proportions from target word
onset in L1 and L2.

did compete for recognition. Ratios were computed
by dividing the total number of competitor fixations
in the analysis window by the sum of all competitor
and distractor fixations in the same window. (N.B. as
each display contained three distractors and only one
competitor picture, distractor fixation totals were
divided by three.) Fig. 2 shows L1 and L2 competitor
preference ratios per condition. For each experiment,
competitor preference ratios were compared to 0.5 in
a one-sample two-tailed t-test by participants (1) and by
items (2). Onset competitors were fixated significantly
more than distractors, both in L1 (M1 = 0.60,
t1(16) = 4.21, p < .001; M2 = 0.57, t2(39) = 2.86,
p = .007) and L2 (M1 = 0.60, t1(15) = 3.62, p = .003;
M2 = 0.57, t2(39) = 2.49, p = .017). Rhyme competitors
did not attract more looks than distractors, however,
either in L1 (M1 = 0.50, t1(16) = 0.20, p = .842;
M2 = 0.48, t2(39) = 0.71, p = .480) or L2 (M1 = 0.54,
t1(15) = 1.15, p = .268; M2 = 0.51, t2(39) = 0.24,
p = .814). This suggests that in both L1 and L2 listeners
experienced competition from onset competitors, but
not from rhyme competitors. Paired t-tests showed that
competition strength did not significantly differ for L1
and L2 either for onset (t(14) = 1.25, p = .231) or for
rhyme competitors (t(14) = 0.72, p = .483).
Figure 2: Mean competitor preference ratios for L1
and L2. (Error bars: standard errors of the means.)

3.2 Time course analysis

3.1 Competitor preference ratios

First, we calculated competitor preference ratios for
each type of competitor in both languages to assess
the strength of lexical competition. A competitor
preference ratio above 0.5 indicates that of all looks
to competitors and distractors, over half were directed
to the competitor picture, and thus that the competitor
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To compare listeners’ looking patterns in L1 and L2
(Fig. 1), a time-course analysis was performed on
competitor fixation proportions across competitor
conditions and languages using weighted empirical
logits [3] with linear mixed-effects regression models
[LMER; 2] in R [26], using the packages lme4 [4] and
lmerTest [19]. As the inclusion of participants and
items as crossed effects is typically not possible for
eye-tracking experiments due to the strong correlation
between individual fixations, separate by-participants
and by-items analyses are usually carried out for these
experiments. Here, only a by-participants analysis was
conducted, as items differed across languages.
Competitor fixations were aggregated into 50 ms time
bins across items and transformed to empirical logits

[3], including in the total number of fixations for each
time bin only fixations on competitors or distractors.
Competitor (onset competitors coded as -0.5, rhyme
competitors as 0.5) and Language (L1 coded as -0.5,
L2 as 0.5) were added as fixed categorical predictors.
Time was added as a continuous fixed predictor, as
well as random intercepts and slopes for participants
and for aggregated fixations nested within
participants. Table 1 shows the results of this analysis.
Table 1: LMER: competitor fixations in L1 and L2.
Effect
(Intercept)
Time
Competitor
Language
Time * Competitor
Time * Language
Competitor * Language
Time * Competitor * Language
*

Est.
-0.84
0.16
-0.50
0.01
0.31
0.19
0.14
-0.44

SE
0.07
0.11
0.14
0.05
0.20
0.09
0.10
0.18

t-value
-12.26*
1.50
-3.70*
0.28
1.53
2.19*
1.38
-2.50*

p < .05

The analysis shows a main effect of Competitor type,
with a β-value of -0.50, indicating that across both
languages, onset competitors attracted more looks
than rhyme competitors. The analysis also reveals a
significant two-way interaction between Time and
Language, whereby over time, fixation proportions
are maintained longer in L2 than in L1. Finally, the
significant three-way interaction of Time, Competitor
and Language, suggests that the maintained fixations
affect the competitor types at different time points.
4. DISCUSSION
This investigation of bilinguals’ L1 and L2 listening
dynamics has found largely similar processes in both
languages, with some difference in the time course of
lexical activation (start of word form processing) but
none in the presence of lexical competition (relative
activation of competitors’ versus distractors’ word
forms). The Dutch-English bilinguals experienced
longer-lasting activation of onset competitors, and
earlier activation of rhyme competitors, in L2 than in
L1. This suggests greater difficulty of suppressing
lexical candidates in L2, as per previous findings [e.g.,
9, 31]. But although they experienced substantial onset
competition, there was no indication of significant
rhyme competition in either language.
The lack of rhyme competition here contrasts with
the rhyme-competitor effects that are typically found
for L1 listeners, including for control groups of L1
listeners of Dutch and English with the very materials
used in this study [10]. It also disagrees with findings
for L2 listening by [28], who found robust onset and
rhyme competition for Korean L2 listeners of English
that was no different from that experienced by the
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American L1 participants. Those Korean L2 listeners,
however, were only 9.4 years old on average when
they moved to the United States (i.e., considerably
younger than our participants, who were all at least
18 years of age at emigration), so it is unsurprising
that they would show more native-like listening
behaviour than the present participant group.
We hypothesize that working memory (WM) may
explain the lack of rhyme competition demonstrated
in L1 as well as L2 listening. First, listeners may have
lower WM span in L2 than L1 listening [27]. Second,
spoken-word recognition is not language-selective.
Lexical candidates from the L1 are activated during
L2 listening, and vice versa, at least in proficient,
immersed listeners [e.g., 7, 20, 23, 31]. This may lead
bilinguals to activate more competitors – and thus use
more WM resources – in both L1 and L2 listening
than monolingual listeners of either language.
Note that readers with larger WM capacities (as
measured by a reading-span task) resolve temporary
syntactic ambiguities more slowly than readers with
lower WM capacities [22]. This is held to imply that
readers with more WM entertain alternative meanings
of an ambiguity longer than those with less WM, who
quickly accept a probable interpretation. Drawing a
parallel with spoken-word recognition, this may
suggest that monolingual listeners – whose WM need
only store competitors from a single language – have
sufficient WM capacity available to consider both
onset and rhyme competitors. Bilinguals, whose WM
juggles competitors from multiple languages, may
not have such capacity. Due to the temporal nature of
speech, onset competition typically occurs earlier
than rhyme competition. Thus, by the time rhyme
competitors start overlapping with the incoming
speech signal, a large part of bilingual listeners’ WM
resources is already in use by activated onset
competitors from the L1 and L2. Following a
reasoning parallel to that of [22], this may mean that
bilinguals are quicker to discard rhyme competitors –
which are less likely lexical candidates than onset
competitors – than monolingual listeners and thus do
not show the levels of rhyme competition in L1 and
L2 listening that are typical for L1 listeners of either
language. The fact that the WM capacity span appears
to be smaller in L2 listening may itself further
contribute to a reduction of rhyme competition.
We conclude that (a) rhyme competition effects in
L1 listening seem to weaken or disappear for listeners
who live in an L2 immersion environment where they
predominantly use the L2, (b) even highly proficient
L2 listeners do not appear to exhibit the rhyme
competition pattern typically found in L1 listeners,
and (c) rhyme competition may thus be a “luxury”
feature of maximally efficient listening, to be
abandoned when resources are scarcer.
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ABSTRACT
The role of rhythm is essential in language acquisition.
This study examined sentences produced by 20
Japanese adolescents currently learning English to
observe the effects of repeating musical rhythms on
aspects of pronunciation, such as sentence duration,
ratio of unstressed to stressed vowel (i.e., duration
ratio), and pitch range. To gauge a pronunciation
baseline, participants repeated sentences without the
prime. They also repeated the rhythmical prime and
sentences with matched and mismatched rhythm. The
results revealed a significant improvement in
sentence duration, duration ratio (in both the
elementary and intermediate proficiency groups) and
revealed a tendency towards an improvement in pitch
range (only in the intermediate proficiency groups) in
matching conditions. These findings suggest that
rhythmic priming can enhance the pronunciation of
L2 learners of English with non-stress-timed
language backgrounds, which not only occurs in
durational features but also in other prosodic aspects.
Keywords: L2 pronunciation, rhythmic priming,
sentence duration, duration ratio, pitch range
1. INTRODUCTION
Language has rhythm, that is, a certain temporal
regularity. Stress-timed languages like English have
a temporal pattern of sequences comprising stressed
and unstressed events. First language (L1) acquisition
studies have shown that the ability to perceive
metrical structures plays a vital role in language
development, including syntactic, semantic, and
phonological processing and production. Recent
priming studies have revealed that musical rhythm
has the potential to aid phonological language
processing [4] and production [5]. Cason, Hidalgo,
Isoard, Roman, and Schön [5] demonstrated that
hearing-impaired children with cochlear implants
improved the accuracy of their reproduction of words,
syllables, vowels, and consonants by listening to and
repeating a model sentence immediately after the
rhythmic prime that matched the metrical structure of
the model sentence (rhythmic priming). They
proposed that the metrical predictability of a heard

1347

sentence can promote its perception, thereby
facilitating its reproduction.
In L2 learning, beats are widely used in classroom
settings for pronunciation training. For instance,
upbeat chants using jazz rhythms enhance the natural
stress and intonation patterns of English (e.g., [7]).
Although several studies have reported the ways
rhythm contributes to improvements in the
development of L2 pronunciation, the empirical
literature on the effects of training with beats is scant.
Gluhareva and Prieto [6] studied the effects of
beat gesture training on accentedness ratings in
university students who were Catalan-dominant as
well as Catalan/Spanish bilinguals. They found that
the pronunciation of words regarded as difficult by
the learners improved. This finding suggests that
observing a beat gesture, which highlights rhythmic
information, can contribute to enhancing perceived
pronunciation.
Baills, Zhang, and Prieto [1] examined the
possible benefits of hand-clapping in language
trainings. They studied a group of Chinese
adolescents clapping to the rhythm of newly learned
French words. The effects of this training were
assessed by accentedness ratings of native speakers
and an acoustical analysis of the final syllable
duration. The results demonstrated that clapping to
highlight the metrical word structure during shortterm trainings can improve students’ pronunciation.
This study also revealed that students’ working
memory contributes significantly to their
pronunciation.
Nakano and Natsume [12] found that adolescent
Japanese learners of English who chanted sentences
with beat sounds also benefitted from reproducing the
target rhythm. It should be added that this training
visually enhanced the target sentences by indicating
the alternation of stressed and unstressed syllables
using black and white circles, respectively.
These studies provide crucial evidence that beats
distinguish essential information in stream speech,
which helps listeners direct their attention to the beats
and leads to improvements in L2 pronunciation.
However, these experiments involved factors that
were ultimately supplementary to the rhythmic
beats—i.e. gestures, hand-clapping, or visually
enhanced unstressed and stressed syllables [1, 6,

12]—which might have obscured the independent
role played by the beats themselves. Furthermore, if
rhythmic training reduces the cognitive demand of
learning the rhythmic property of words or sentences,
then it may allow learners more cognitive resources
to attend to and internalize phonetic information; this
could enhance their pronunciation of other segmental
and suprasegmental sounds beyond rhythm itself.
However, this issue has not yet been explored. In
addition, regarding the possible impacts of listening
ability and working memory [1] on phonological
improvement from rhythmic beat training, there is
still room for further research. Therefore, the present
study, addresses the following research questions:
1) Does the repetition of musical rhythm help
improve
Japanese
English-learners’
pronunciation (rhythmic priming effect), duration
of sentences (sentence duration, i.e., speech rate1),
duration ratio of unstressed vowels to stressed
vowels (duration ratio), and ratio of minimum to
maximum in pitch range at the sentence level
(pitch range)?
2) If so, how do factors such as one’s level of
English proficiency and working memory
capacity affect the rhythmic priming effect?
The suprasegmental features investigated in the
present study play an important role in accent rating
and the comprehensibility of native English speakers
(e.g., [8, 13, 15]). L2 learners tend to speak at slower
rates than native speakers [11]. Duration ratio and
pitch range also tend to be poorly acquired, due to L1
and L2 phonological differences. Because Japanese is
a mora-timed language [16], for Japanese speakers,
the duration ratio of unstressed to stressed vowels in
English words tends to be higher than that of the
average native English speaker (around .45) [10].
Intonations produced by Japanese learners generally
tend to be narrower in pitch range when compared
with the dynamic realization of native speakers [14].
These features are worth investigating.
2. METHOD
2.1. Participants

Twenty Japanese students of English (3 females and
17 males) with an average age of 19.65 years
participated in this study. All were native Japanese
speakers who studied English twice a week at a
university in Japan but were not majoring in English.
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2.2. Materials

For the rhythmic prime, two different rhythmic
patterns were prepared: an xXxX structure (Prime A)
and an XxxX structure (Prime B). When the rhythmic
prime had an XxxX structure, sentences following the
prime were either structured as XxxX (metrically
matching), xXxX (metrically mismatching), or vice
versa. The musical primes consisted of stressed
sounds (X) and unstressed sounds (x). The stressed
sound was provided by a snare drum sound with a
duration of 375 ms and a mean energy intensity of 80
dB. The unstressed percussion sound was provided by
a closed high-hat sound with a duration of 155 ms and
a mean energy intensity of 65dB. The primes lasted
on average 1250 ms. The stimuli were created using
Apple’s GarageBand, music production software.
Sentences consisting of four monosyllabic words
matching the metrical structure of the A prime (e.g.,
“He sings a song.”) or B prime (e.g., “Bring me a
pen.”) were prepared (n = 20 each, 402 in total) and
then recorded by a male native speaker of American
English. The mean duration of the sentences was
1233 ms, and the durations of stressed and unstressed
syllables were 394 ms and 173 ms, respectively. The
mean durations of the sentences and stressed and
unstressed syllables were comparable to those of the
rhythmic primes. Pitch range in the sentences
averaged 191Hz for max. and 87 Hz for min.
2.3. Procedures

The participants conducted two tasks: (a) a rhythmic
priming experiment and (b) Digit Span Test (UCLA).
(a) The rhythmic priming experiment consisted of
baseline and experimental phases. The same
sentences were presented in baseline and
experimental sessions. For the baseline phase, the
participants were asked to repeat 20 target sentences
(10 sentences from each rhythmic type), which they
had each heard once. Participants then listened to and
repeated a musical rhythmic prime (xXxX or XxxX)
using the sound “ta.” Immediately afterwards, they
listened to and repeated the 20 target sentences with
an xXxX structure or XxxX structure. Each target
sentence was presented twice: once for the matching
condition, where the rhythmic prime and rhythmic
structure of the sentences matched, and again for the
mismatching condition. The presentation of the
stimuli was self-paced using SuperLab (ISI=Max. 5
sec).
(b) A digit span test was conducted to assess the
participants’ capacity for working memory [3], i.e.,
processing and storing numbers in the brain. The
participants listened to a series of numbers and
repeated them back.

The session included both tasks and lasted
approximately 40 minutes.

Figure 1: Main effect of each condition.

2.4. Data analysis

Two experts acoustically analyzed sentence duration,
duration ratio, and pitch range of each reproduced
sentence using Praat [2].
3. RESULTS
3.1. Overall

Repeated-measure analyses of variance tests were run
on the data separately for sentence duration, duration
ratio, and pitch range. Post hoc analyses were then
conducted using Fisher’s tests to examine the
differences among the three conditions (baseline,
match, mismatch) (see Fig.1)
For sentence duration, the main effect of the
condition was: F1 (2, 38) = 2.96, p = .08; F2 (2, 76) =
2.42, p < .05. Post hoc analyses revealed a significant
difference in matching vs. mismatching, t1 (19) = 3.01,
p < .01; t2 (38) = -1.98, p = .06, and t1 (19) = 2.47, p
= .08; t2 (38) = 2.4, p < .05 in baseline vs. mismatch.
There was no significant difference in baseline vs.
matching conditions, t1 (19) = 0.29, p = .77; t2 (38) =
0.91, p = .36. That is, sentence duration in the baseline
and matching conditions was significantly shorter
than that of mismatching, respectively.
Regarding duration ratio, the main effect of the
condition was: F1 (2, 38) = 31.17, p <.001; F2 (2, 76)
= 47.56, p <.001. Post hoc analyses revealed a
significant difference in baseline vs. matching, t1 (19)
= 5.87, p < .001; t2 (38) = -7.13, p < .001 and matching
vs. mismatching, t1 (19) = 8.19, p < .001; t2 (38) = 9.10, p < .001. No significant difference was
confirmed in baseline and mismatching, t1 (19) = 0.45, p = .65; t2 (38) = -1.18, p = .24. Duration ratio in
the matching condition was significantly smaller than
the others and was the closest to the native ratio.
As for pitch range, the subject analysis did not
reveal a main effect, F1 (2, 38) = 0.48, p =.60, but the
item analysis showed a marginal main effect, F2 (2,
76) = 3.22, p = .07. Post hoc analyses showed a
significant difference in baseline vs. matching, t2 (38)
= 2.18, p < .05 and a marginally significant difference
in matching vs. mismatching, t2 (38) = -1.97, p = .06.
No significant difference was observed in baseline vs.
mismatching, t2 (38) = -1.32, p = .19. Pitch range in
the matching condition was smaller than the other
conditions and was the closest to the native norm.
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3.2. Predictive factors

Two multiple regression analyses were run to identify
any predictive factors on experimental effects: (1) for
the matching and baseline conditions (matching
minus baseline data) and (2) for the matching and
mismatching
conditions
(matching
minus
mismatching data), with the scores of the TOEIC®
Listening & Reading Test (English proficiency) and
Digit Span Test serving as regression factors. These
analyses were conducted on each pronunciation
item. 3 English proficiency was found to be a
predictive factor.
Friedman tests were then separately performed on
two English proficiency groups4: the Lower Group (n
= 11, Avg. 425, SD =79; CEFR: A2) and the Higher
Group (n = 9, Avg. 651, SD = 68, CEFR: B1) (see
Fig.2). Both the Lower and Higher Groups showed
significant effects on sentence duration and duration
ratio, p < .001 (F1, F2) and the Higher Group also
demonstrated a significant effect on pitch range (F2),

p < .001. Post hoc comparisons (Wilcoxon’s test)
demonstrated the following results: For the Lower
Group, a significant difference emerged in sentence
duration between matching vs. mismatching, p < .01
(F1), and baseline vs. matching, p<.05 (F2).
Regarding duration ratio, a significant difference
emerged between baseline vs. matching, p < .005 (F1)
and p < .001 (F2) and matching and mismatching, p
< .005 (F1) and p < .001 (F2).
For the Higher Group, the tests revealed a
significant difference in sentence duration between
baseline vs. matching, p < .005 (F2). As with duration
ratio, a significant difference was evident between
baseline vs. matching, p < .05 (F1) and p < .001 (F2)
and matching vs. mismatching, p < .05 (F1) and p
< .001(F2). As for pitch range, a significant difference
was revealed between matching and mismatching, p
< .005 (F2) and baseline vs. mismatching, p < .005
(F2).
Figure 2: Performance in the three pronunciation
features across the three conditions shown separately
for the Lower and Higher Groups.

4. DISCUSSION AND CONCLUSION
This study investigated whether Japanese learners of
English can improve their pronunciation when the
metrical prime matches the prosodic structure of a
subsequent heard sentence. The present study
highlighted that the rhythmic predictability of a
sentence can enhance L2 pronunciation in terms of
sentence duration and the duration ratio and might
improve the pitch range for learners whose L1 rhythm
is non-stress-timed. These results suggest that even a
short session of repeating beats that match the
following metrical structures has the potential to
facilitate participants’ language processing [4, 5]
thereby reducing the cognitive demand required in
learning rhythmic aspects to the extent that
participants are able to allocate more cognitive
resources to processing and storing different prosodic
properties, such as pitch.
The participants’ proficiency seemed to influence
the effect of rhythmic repetition. Regarding sentence
duration and duration ratio, the Higher Group
performed better than the Lower Group in the
baseline condition, and was closer to the native norm,
but this was not the case for pitch range. Interestingly,
however, only the Higher Group benefited from the
anticipation of rhythm in the pronunciation of the
pitch range. 5 Therefore, it is speculated that the
Higher Group’s smooth production of durational
features might have enabled the allocation of more
cognitive resources for attending to and storing pitch
information, which led to an improvement in pitch.
In summary, the present study showed a possible
impact of prosodic expectation on L2 phonological
development of durational properties and other
phonetic features, such as pitch range. To verify the
present finding, however, further studies are
warranted: an investigation into the extent to which
differences in music-speech rhythms in a
mismatching condition may interfere with
phonological processing and production (cf. [4]) as
well as whether intensive training with musical
rhythm would be more effective in facilitating L2
phonological improvement in pronunciation. Also,
the order in which the three conditions (baseline,
matching, mismatching) are presented should be
more carefully managed. Overall, however, the
results presented here have suggested that an
implicitly induced rhythmic expectation has
significant potential for both L2 phonological
instruction and phonological acquisition research.
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ABSTRACT
Dutch listeners are known to employ positional
stress for word recognition, while Mandarin listeners
use pitch contour contrasts. The present study
investigated the influence of pitch dimensions,
namely, pitch level, pitch contour, together with
pitch position in non-word learning by Dutch and
Mandarin listeners. Both groups learned to identify
disyllabic pseudo-words differing only in pitch
dimensions in a picture selection task. Language
specific perceptual patterns were found. Mandarin
listeners were found to be able to encode non-native
pitch contrasts for word identification, regardless of
pitch position. They showed a preference for contour
contrasts to level contrasts. Compared to Mandarin
listeners, Dutch listeners encountered difficulties.
Still, they showed a better performance when pitch
contrasts occurred word-finally than -initially, which
could be due to recency effect. The findings suggest
the influence of phonological representations in the
native language on mapping sound to meaning.
Keywords: Cross-linguistic perception,
dimensions, non-word learning.

pitch

1. INTRODUCTION
Languages show variation in how meaningful pitch
contrasts are signaled phonetically: by pitch levels
(high versus low), pitch contours (rise versus fall), or
positions (earlier or later in a word), entailing that
our speech perception systems are selectively
sensitive to pitch contrasts, depending on our native
languages. For instance, in Mandarin Chinese, a
typical lexical tone language, word meaning changes
as pitch pattern changes. It is shown that Mandarin
listeners form phonologically contrastive categories
for native tones [1, 2]. The important function of
lexical pitch benefits Mandarin listeners to have
advantage over non-tone language listeners when
perceiving non-native tones (Thai tones) [3]. They
were found to be more sensitive to non-native pitch
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contour contrasts than level contrasts such as in Thai
tones and Cantonese tones [4, 5].
Different from Mandarin where pitch variations
alone can determine word meaning, pitch in Dutch
serves as one of the acoustic correlates of word
stress. For instance, VOORnaam “forename” and
voorNAAM “distinguished” differ only in terms of
the position of the prominent syllable, carrying
higher pitch (H tone) among other acoustic cues
(longer duration and greater loudness) [6]. However,
such pitch marking only occurs in nuclear position in
a statement intonation contour. Presumably due to a
rich inventory of nuclear tones in intonation and the
occurrence of word stress in the native language,
Dutch listeners were found to be able to discriminate
some tonal contrasts in Mandarin, but they perceived
non-native tones in a psychoacoustic manner [7].
Studies that show differences in sensitivity to
pitch contrasts by Dutch and Mandarin listeners
have been mainly conducted at the acoustic level [7,
8]. It is of interest to ask whether such different
sensitivity would be retained or mediated at a higher
cognitive level, word learning. Previous studies on
word learning with non-native listeners are mostly
focused on either the learning of phonetic features
[9, 10] or the learning of suprasegmentals such as
tones in nonlexical contexts [11, 12]. Not too much
is known about the learning of mapping pitch
dimensions to meaning. Moreover, Dutch listeners
were found to exploit stress location for word
recognition [13, 14], leading us to ask whether such
sensitivity to positional marking would be employed
in encoding pitch contrasts in learning words. Thus,
the present study aims to investigate whether
listeners from different language backgrounds, i.e.,
Mandarin listeners and Dutch listeners, are able to
employ three pitch dimensions, namely, pitch
contour, pitch level, together with pitch position in
sound-to-meaning mappings. It attempts to
investigate how native phonological knowledge is
used in phonetic-phonological-lexical bridge in
terms of different models.

2. METHOD

word /kupi/

2.1. Subject

31 Dutch listeners (mean age: 23 years old, standard
deviation (SD): 4 years, 9 males) and 27 Mandarin
listeners (mean age: 24 years old, SD: 5 years, 9
males) participated in the study. All participants
reported normal hearing without language
impairment. All Mandarin participants spoke
Mandarin or a northern dialect of Mandarin Chinese
as their native languages and have never been
exposed to Cantonese. None of the Dutch
participants had exposure or knowledge of Mandarin
or any other tone or pitch accent languages. All the
participants were non-musicians.

Word 1
Word 2
Word 3
Word 4
Word 5
Word 6
Word 7

Pitch
pattern
T4T3
T5T3
T6T3
T3T4
T3T5
T3T6
T3T3

Tonal
contrasts
T4T3 vs.
T5T3
T4T3 vs.
T6T3
T6T3 vs.
T3T3
T3T4 vs.
T3T5
T3T4 vs.
T3T6
T3T6 vs.
T3T3

Positional
contrasts
T4T3 vs.
T3T4
T5T3 vs.
T3T5
T6T3 vs.
T3T6

2.3. Procedure

2.2. Stimuli

Cantonese tones were used as the stimuli as this
language has a rich inventory of pitch level and pitch
contour contrasts, as shown in Figure 1.
Figure 1: Pitch patterns of Cantonese tones [15].

Two contour tones, T4 (low falling) and T5 (low
rising), and two level tones, T3 (mid level) and T6
(low level) were selected. T1 (high level) and T2
(high rising) were not used since these tones are
highly salient to discriminate due to their distinctive
acoustic spaces from the other tones [5].
Two monosyllables /ku/ and /pi/ carrying each of
the lexical tones mentioned above were produced six
times by a female native speaker of Cantonese.
Three tokens of the best quality of each tonal
syllable were selected and manipulated to have equal
durations of 400 ms. The monosyllables were
concatenated to the disyllabic non-word /kupi/, with
a 25 ms interval between the syllables. T3 was used
as a companion tone. In total, /kupi/ carried seven
pitch patterns: T4T3, T5T3, T6T3, T3T4, T3T5,
T3T6, T3T3, contrasting either in tonal pattern or in
position, as shown in Table 1.
Table 1: Stimuli.
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The experiment was programmed and conducted in
ZEP [16] on an experiment laptop. It contained three
phases: a learning phase, a practice phase and a test
phase. In the learning phase, participants were
instructed to learn seven “new words” (non-words)
that differed only in “melody”. Each non-word was
represented by a picture of a phantasy object. They
were instructed to learn the words and the paired
pictures together. Seven buttons, from 1 to 7,
representing the seven words, were shown on the
screen. Each time they clicked on a button, the
corresponding picture popped up. They could listen
to the seven words as many times as they wanted
until they were certain that they had learned the
words with the paired pictures and were ready to
proceed to the practice.
In the practice phase, the participants heard a
word while simultaneously seeing four pictures on
the screen. The four pictures contained one target
picture, one pitch contrast competitor, one positional
competitor and one contrast-unrelated distractor. The
participants were required to choose the correct
picture that corresponded to the word they heard by
pressing the corresponding button on a four-button
button box. Feedback on correctness of the response
appeared right after they responded. There were
seven trials in the practice phase. After participants
made a response, they automatically proceeded to
the next trial. After the practice phase, participants
could either proceed to the test phase or go back to
the learning phase to learn the words again if they
wished.
The procedure in the test phase was the same as
in the practice phase. However, no feedback was

provided. The seven non-words were tested three
times in a randomized order, resulting in 21 trials in
total.
A working memory test, as a baseline for
memory capacity, was conducted immediately after
the experiment. Participants listened to two sets of
numbers in the native language from a sequence of 2
digits to 8 digits. They were required to repeat the
numbers they heard in reversed order. The same
numbers in each set were recorded by native
speakers of Mandarin and Dutch, respectively. The
interval between each number was 1s.
3. RESULTS
To compare the performance on word identification
between the two groups, a generalized Linear Mixed
Model (GLMM) was conducted in SPSS 25. Word
(7 levels) and Group (2 levels) were taken as fixed
factors into the model. Both Word (F( 6, 1.030) =
2.722, p=0.013) and Group (F(1, 1.030) = 17.699,
p<0.001) had significant main effect. Group had a
significant interaction with Word (F(6, 1.030) =
2.115, p=0.049). As shown in Figure 2, Mandarin
listeners showed significantly better performance
than Dutch listeners in learning all the words (all p
values <0.05) except for Word 6 (T3T6) (F(1, 1.030)
= 0.404, p=0.525) and Word 7 (T3T3) (F(1, 1.030) =
2.191, p=0.139). For Mandarin listeners, Word (F(6,
560) = 3.353, p=0.003) was found significant.
Mandarin
listeners
showed
a
significant
disadvantage in identifying Word 6 (T3T6), with an
accuracy of 56.1%, compared to their performance
of other words (all p values <0.05). For Dutch
listeners, Word (F(6, 644) = 1.356, p=0.230) had no
significant main effect. To take a closer look at the
errors they made, Mandarin listeners showed an
error rate of 70.2% of identifying Word 6 (T3T6) as
Word 7 (T3T3), while Dutch listeners had no error
preference for all the words.
Figure 2: Dutch and Mandarin listeners’ performance on
each word (accuracy)

were categorized into 3 contrasts (words carrying
T4, T5 and T6). Note that T3T3 was not taken into
the contrast due to the same tone on both positions.
Contrast (3 levels), Position (2 levels: initial vs.
final), Group (2 levels) were taken as fixed factors in
GLMM. Contrast (F(2, 1.030) =3.917, p=0.009) and
Group (F(1, 1.030) = 17.635, p<0.001) were found
significant. Position had no significant main effect
(F(1, 1.030) =0.004, p=0.950). Interaction between
Contrast and Group (F(2, 1.030) =2.653, p=0.045),
and Position and Group (F(1, 1.030) =5.089,
p=0.024) were found significant. No three-way
interaction among Contrast, Position and Group
(F(4, 1.030) =1.458, p=0.213) was found.
A separate GLMM analysis was conducted for
each language group. For Mandarin listeners,
Contrast (F( 2, 560) = 4.794, p=0.003), but not
Position (F(1, 560) = 2.340, p=
 0.127), were found
significant. There was not significant interaction
between Contrast and Position (F(2, 560) = 2.470,
p=0.086). Mandarin listeners showed a significant
better performance on words carrying contour tones
T4 (F(2, 560) = 3.111, p=0.016) and T5 (F(2, 560) =
3.111, p=0.041) than words carrying level tone
(T6), as shown in Figure 3. For Dutch listeners,
Position (F(1, 644) = 4.136, p=
 0.042), but not
Contrast (F(2, 644)=0.432, p=0.730) was found
significant. They showed a better performance on
word-final (with an accuracy of 56.3%, than on
word-initial (with an accuracy of 44.9%) (F(1, 644)
= 5.456, p=0.021). There was no significant
interaction between Contrast and Position (F(2,
644))= 0.859, p=0.424).
In addition, working memory test was analyzed
using an Independent T-test in SPSS 25. Mandarin
listeners (with an accuracy of 94.97%) outperformed
Dutch listeners (with an accuracy of 82.21%) (F(1,
56)= 1.771, p<0.001). This could be due to the fact
that some of the randomized numbers used in the
test are monosyllables in Mandarin but
are
disyllables in Dutch, which may cost more cognitive
load.
Figure 3: Dutch and Mandarin listeners’ performance on
each tone (accuracy)

To investigate the influence of position on the
performance between the two groups, the words
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4. DISCUSSION
In general, Mandarin listeners achieved an overall
success in learning non-words, while Dutch listeners
encountered difficulties. This can be explained in
terms of the function of pitch by the Feature
Hypothesis [17] predicting that the more prominent
a certain phonetic or phonological dimension (pitch)
is in the native language, the easier it will be to learn
to discern and use that dimension for non-native
phonological processing of pitch. Pitch variations
alone can distinguish lexical meanings in Mandarin
while pitch is only one of the acoustic correlates of
lexical stress in Dutch. Contrastive pitch at the word
level in Mandarin may enable Mandarin listeners to
encode non-native pitch contrasts more easily than
Dutch listeners.
Mandarin listeners were able to learn non-words
regardless of pitch position. It is the pitch contrast
solely that determined their learning of non-words.
Mandarin listeners, specifically, manifested strength
in learning words contrastive in pitch contour (T4
vs. T5) and pitch contour versus pitch level (T4 vs.
T6), with an overall accuracy of 85%. However,
compared to their performance on contrasts
involving pitch contour, they were vulnerable in
learning words contrastive in pitch level (T6T3,
T3T3). Different from Mandarin listeners, Dutch
listeners did not show any preferred dimension for
pitch contrasts. They were unable to encode any
pitch contrasts (with an overall accuracy of 50%,
around chance level), regardless of contour or level,
in non-word learning. Still, they showed a better
performance when the tone occurred word-finally
(with an accuracy of 56.3%) than -initially (with an
accuracy of 44.9%), suggesting a preference for
word-final over word-initial position. This could be
due to recency effect [18], rather than a transfer from
the native language, where stress is dominantly
prefinal.
The findings of the different patterns between the
two groups can be accounted for by several models.
According to Perceptual Assimilation Model (PAM)
[19], Mandarin listeners may map non-native T4 vs.
T5, T4 vs. T6 onto T4 (falling) vs. T2 (rising), and
T4 (falling) vs. T1 (level) tone, respectively, in the
native tonal categories, which led to a good
discrimination between these contrasts. They
misidentified T3T6 as T3T3, which suggests that
they regarded T6 and T3 as two allotones of T1
(high level tone) in Mandarin, which resulted in poor
discrimination. However, it seems that PAM fails to
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explain the findings of Dutch listeners’ performance
on non-word learning. PAM predicts that contrastive
pitch patterns should be perceived to be dissimilar
from the native language and should not be mapped
to the native phonological category since Dutch does
not use contrastive pitch lexically, which would
result in good discrimination. However, this
contradicts the findings.
Another account can be based on models in terms
of the influence of native phonology [20], predicting
that if the native grammar lacks the phonological
feature that differentiates a particular non-native
contrast, listeners should be unable to perceive the
contrast and hence have trouble to acquire the novel
phonological representations. For Mandarin
listeners, the presence of phonological tonal
representations in the native language facilitates the
learning of non-native pitch contrasts. Compared to
Mandarin listeners, the failure of Dutch listeners in
word learning may lie in difficulties to establish
phonological representations of non-native pitch
contrasts. The lack of phonological representations
of lexically contrastive pitch, regardless of pitch
level or contour, in the native language may hinder
them to link pitch patterns to lexical meaning.
Also based on the influence of native language,
[21] proposed a ‘multi-store’ model that tone and
non-tone listeners store long-term memory
representations
of
pitch-based phonological
categories. The stored representations in long-term
memory influence listeners’ perceptual weight given
to non-native pitch features. When perceiving novel
pitch contrasts, the surface phonetic forms of pitch
contrasts are stored in short-term memory [22].
However, in a more cognitively demanding task
such as non-word learning, the phonetic forms at the
acoustic level may decay, and the phonological
representations stored in the long-term memory may
kick in. Mandarin listeners store long-term memory
representations of tonal categories, i.e. categories of
contrastive contour tones, but not contrastive level
tones. Such phonological representations in the
long-term memory may help them to encode
non-native pitch contour contrasts in word learning.
Unlike Mandarin listeners, Dutch listeners may lack
long-term memory representations of lexical pitch
contrasts, which adds to their difficulties in mapping
pitch contrasts to lexical meaning.
The current findings have shown the influence of
native language on the availability of pitch
dimensions for sound-to-meaning mappings by tone
and non-tone language listeners.
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ABSTRACT

spontaneous speech: the Taiwan Mandarin corpus
[6]. Whereas previous work focused on frequency
effects for carefully selected phrases that form welldefined lexical units, the word n-grams in the current study are random word trigrams without a predefined linguistic structure or a well-established lexical status.

We report the results of two studies that investigate
frequency effects of random multi-word sequences
in speech production. First, we collected acoustic durations for random three-word sequences in
a reading aloud experiment in Mandarin Chinese.
Second, we extracted acoustic durations of random
word trigrams from a spoken corpus of Taiwan Mandarin [6]. We analyzed both data sets using quantile
generalized additive mixed-effect regression models
(QGAMMs) [5]. For both the experimental data and
the spontaneous speech data, we observed significant effects of trigram frequency on acoustic durations that existed over and above the effects of the
components unigram and bigram frequencies. The
robust effects of n-gram frequency indicate that the
acoustic signal in speech production is influenced by
the combinatorial properties of words, even when
the word sequences under investigation do not form
fixed expressions or lexical bundles.

2. READING ALOUD EXPERIMENT
2.1. Methods

2.1.1. Participants
Thirty participants took part in the experiment. All
participants were native speakers of Mandarin Chinese that were born in mainland China. Their mean
age was 25.86 (sd = 4.16). Twenty-two participants
were female, whereas eight were male.
2.1.2. Materials

Keywords: speech production, trigram frequency,
combinatorial properties, Mandarin Chinese

The stimuli for the experiment were sequences of
three words. We henceforth refer to these threeword sequences as word trigrams and to the words in
a three-word sequence as word n−2, word n−1, and
word n. From the Chinese Lexical Database (CLD)
[11], we selected 400 unique two-character words to
serve as the middle word in the word trigrams. We
refer to these words as the base words. For each base
word, we extracted a random three-word sequence in
which the base word appeared as word n − 1 from a
466 million word corpus of Mandarin Chinese: the
Simplified Chinese Corpus of Webpages (SCCoW)
[10]). To avoid the inclusion of spurious items, word
trigrams were considered for selection if and only if
their frequency in SCCoW was equal to or greater
than 10.

1. INTRODUCTION
Word frequency effects are among the most welldocumented effects in the psycholinguistic literature. Higher frequency words typically lead to
shorter response times in behavioral experiments.
Frequency effects, however, are not limited to the
word level. Recent studies documented frequency
effects of multi-word sequences in the lexical decision [3] and reading aloud task [12, 8]. Frequency
effects on acoustic durations have been reported as
well, both at the word level [4, 7, 9] and at the phrase
level [12, 1, 2] - with shorter acoustic durations for
more frequent words and phrases.
Here, we present an investigation of the duration
of word n-grams in both elicited speech and spontaneous speech. Below, we first report the results of a
reading aloud experiment. Next, we take a closer
look at pronunciation durations of multi-word sequences in a data set extracted from a corpus of

2.1.3. Design
We randomized the order of the 400 word trigrams
between participants. The response variable is the
acoustic duration of the pronunciations in the reading aloud experiment. The predictors of primary
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interest are the frequencies of the word unigrams,
bigrams, and trigrams. These frequencies were extracted through Google searches that were restricted
to documents in simplified Chinese from mainland
China.

2.2. Analysis

We removed predictor outliers that were further than
3 standard deviations from the predictor mean prior
to analysis. We initially carried out a non-linear
mixed-effect regression using a generalized additive mixed-effect model (GAMM) [13, 14]. The
residuals of this model, however, violated the normality assumption. Normality of the residuals is
not an assumption of quantile regression models.
We therefore opted for a quantile regression of the
median with a quantile generalized-additive mixedeffect model (QGAMM) [5] for the analysis of the
acoustic durations in the experimental data.
The random effects of participant and item were
modelled through random intercepts. We used parametric terms to model the effects of lexical tone and
the total number of phonemes in the word trigram.
The effects of the rotated components representing
word unigram, word bigram and word trigram frequencies, as well as the effect of the total number of
strokes in the word trigram were modelled through
smooth terms. We restricted all smooth terms to
fourth order non-linearities.

The frequency counts for word unigrams, word
bigrams and word trigrams are highly correlated.
It is therefore difficult to establish the independent contribution of the frequency of multiword sequences on the basis of the raw frequency counts.
To obtain more independent frequency measures,
we entered the (log-transformed) Google frequency
counts into a principal components analysis with
varimax rotation. The loadings of the frequency
measures on their corresponding rotated components were all greater than 0.800 (mean: 0.933). The
largest loading of a non-target frequency count on a
rotated component was 0.437. The rotated components (henceforth RCs) thus provide measures of unigram, bigram, and trigram frequencies that are, to a
large extent, independent. The rotated components
for the frequency unigram, bigram, and trigram frequency counts were entered into the analysis as predictors.

2.3. Results

We furthermore entered a number of control variables into the statistical analysis. First, we included
the initial phoneme and final phoneme of the word
trigram and the tone of each word in the word trigram as predictors. In addition, the total number of
strokes in the orthographic form of a word trigram
and the total number of phonemes in the pronunciation of a word trigram were included as measures
of visual complexity and phonological length. All
control variables were extracted from the Chinese
Lexical Database (CLD [11]).

The QGAMM fit to the pronunciation durations revealed significant random effects of participant (χ 2
= 13713.826, p < 0.001) and item (χ 2 = 6814.935,
p < 0.001), as well as of the initial phoneme of the
trigram (χ 2 = 842.526, p = 0.006). We furthermore
observed a significant effect of the lexical tone of
the final word of the trigram, of the total number of
phonemes in the pronunciation of the word trigram
(z = 20.183, p < 0.001), and of the total number of
strokes in the orthographic form of a trigram (χ 2 =
10.505, p = 0.001).
Here, however, we are primarily interested in the
effects of (the rotated component that correspond to)
the unigram, bigram, and trigram frequency counts.
The unigram frequency of the first (χ 2 = 14.895, p =
0.001), the second (χ 2 = 19.547, p = 0.001), and the
third (χ 2 = 22.685, p < 0.001) word in a word trigram all had a significant effect on the acoustic duration of the pronunciation of a trigram, with shorter
durations for word trigram that contained high frequency words.
We observed significant effects of the frequency
of the word-initial (χ 2 = = 20.347, p < 0.001) and
word-final (χ 2 = 20.618, p < 0.001) bigram as well.
Finally, the QGAMM analysis revealed a significant
effect of trigram frequency (χ 2 = 35.272, p < 0.001)
over and above the effects of the frequency of the
component unigrams and bigrams. Interestingly, the

2.1.4. Procedure
The experiment was carried out in a soundproof
booth. Prior to each trial a fixation mark was shown
at the location of the first character of the word trigram. Next, the word trigram was presented in white
KaiTi 80 point font on a black background. The
word trigram remained on the screen for 3, 000 milliseconds. After each stimulus, a blank screen appeared for 1, 000 ms, followed by the fixation mark
for the next trial. The experimental items were preceded by 10 practice items. Each experimental session had a duration of about 60 minutes, including
setup and a 5 minute break halfway through the experiment.
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Figure 1: Results of the QGAMM fitted to the acoustic durations in the experimental data. Plotted are partial effects
of the frequency of the trigram-initial bigram (left panel), the trigram-final bigram (middle panel) and the word
trigram (right panel).
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the acoustic duration of the pronunciations of the
word trigram tokens selected from the Taiwan Mandarin corpus. As before, our main interest is in
the effects of the frequency of word unigrams and
word bigrams in a word trigram, as well as in the
frequency of the word trigram itself. We collected
these frequency measures through Google searches
that were restricted to documents from Taiwan that
were written in traditional Chinese.
To be able to tease apart the effect of unigram,
bigram, and trigram frequencies we again applied a
principal components analysis with varimax rotation
to the (log-transformed) Google frequency counts.
The loadings of the frequency measures on their
corresponding rotated components were all greater
than 0.815 (mean: 0.910). The largest loading of a
non-target frequency count on a rotated components
was 0.344. As was the case for experimental data
set, the rotated components (RCs) therefore provide
measures of unigram, bigram, and trigram frequencies that are to a large extent independent.
In addition to the rotated components for the unigram, bigram, and trigram frequency counts, we entered a number of control variables as predictors into
the analysis. The set of control variables was identical to the set of control variables used for the experimental data and consistent of the initial and final
phoneme of the word trigram, the tone of each word
in the word trigram, the total number of strokes in
the orthographic form of the trigram, and the total
number of phonemes in the pronunciation of a word
trigram.

3. SPONTANEOUS SPEECH DATA
3.1. Methods
3.2. Participants

The spontaneous speech data were extracted from
a 20-hour corpus of spontaneous speech in Mandarin, the Taiwan Mandarin corpus [6]. This corpus
contains spontaneous speech about a self-selected
topic for 55 native speakers of Mandarin Chinese
from Taiwan. Thirty of these speakers were female,
whereas 25 were male.
3.2.1. Materials
As was the case for the experimental data, the stimuli in the study of spontaneous speech were word
trigrams. We selected 136 two-character words to
serve as the final word in the word trigrams. For
these 136 words, we extracted the duration of 20
random word trigram tokens in which the base word
appeared as the final word from the Taiwan Mandarin corpus. The total number of trigram tokens in
the data set of spontaneous speech, therefore, was
2, 720.

3.3. Analysis

3.2.2. Design

As was the case for the experimental data, we analyzed the spontaneous speech data with a quantile
regression of the median in a generalized-additive
mixed-effect model (QGAMM). As before, we mod-

As was the case for the experimental data, the response variable for the spontaneous speech data was
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Figure 2: Results of the QGAMM fitted to the acoustic durations in spontaneous speech. Plotted are partial effects
of the frequency of the trigram-initial bigram (left panel), the trigram-final bigram (middle panel) and the word
trigram (right panel).
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nature. As was the case for the experimental data,
the effect size of the effect of the frequency of the
trigram as a whole is larger than the effect sizes of
the frequencies of the components word unigrams
and word bigrams.
4. DISCUSSION
Previous studies documented phrase frequency effects for the acoustic durations of pronunciation of
word n-grams [12, 1, 2]. Acoustic durations, these
studies found, are shorter for high frequency phrases
as compared to low frequency phrases. Here, we examined the effects of the frequency of multi-word
sequences on the acoustic durations in a reading
aloud experiment and in spontaneous speech from
the Taiwan Mandarin corpus [6]. For both data sets,
we observed effects of the frequency of word trigrams on pronunciation durations that existed over
and above the effects of the component word unigram and word bigram frequencies.
Whereas previous studies focused on acoustic durations of fixed expressions or well-defined lexical
bundles, we imposed very few restrictions on the
word trigrams selected for the studies reported here.
Nonetheless, we observed robust effects of the frequency of the trigram as a whole in both elicited
speech and spontaneous speech, that were highly
significant across the predictor range. Furthermore,
the effect of the frequency of the trigram as a whole
was larger than the effect sizes of the unigram and
bigram frequency effects. The combinatorial properties of words thus seem to play a pivotal role in
the production of multi-word sequences, even when
these sequences do not form fixed expressions or
lexical bundles.

3.4. Results

The analysis of the pronunciations in the spontaneous speech data revealed a significant random effect of participant (χ 2 = 491.571, p < 0.001). In
addition, we observed significant random effects of
both the trigram-initial phoneme (χ 2 = 33.143, p =
0.001) and the trigram-final phoneme (χ 2 = 25.828,
p = 0.001). Furthermore, we found a significant effect of the total number of phonemes in the pronunciation of a trigram (z = 12.384, p < 0.001).
The effects of the rotated components that encode
the frequency of the first (χ 2 = 55.927, p < 0.001)
and the second (χ 2 = 81.576, p < 0.001) word in a
word trigram reached significance as well. We failed
to observe a significant effect of the frequency of the
final word in a word trigram (χ 2 = 0.024, p = 0.879).
Crucially, the effects of the (rotated components
corresponding to) the frequencies of the word-initial
bigram (χ 2 = 82.987, p < 0.001), the word-final bigram (χ 2 = 25.733, p < 0.001), and the trigram as a
whole (χ 2 = 111.852, p < 0.001) were highly significant. The effects of bigram and trigram frequency
for the spontaneous speech data are presented in Figure 2. As can be seen in Figure 2, the bigram and
trigram frequency effects are linear or near-linear in
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ABSTRACT
This study concerns individual differences in speech
imitation ability and the role that lexical
representations play in imitation. We examined 1)
whether imitation of sounds in an unfamiliar language
(L0) is related to imitation of sounds in an unfamiliar
non-native accent in the speaker’s native language
(L1) and 2) whether it is easier or harder to imitate
speech when you know the words to be imitated.
Fifty-nine native Dutch speakers imitated words with
target vowels in Basque (/a/ and /e/) and Greekaccented Dutch (/i/ and /u/). Spectral and durational
analyses of the target vowels revealed no relationship
between the success of L0 and L1 imitation and no
difference in performance between tasks (i.e., L1
imitation was neither aided nor blocked by lexical
knowledge about the correct pronunciation). The
results suggest instead that the relationship of the
vowels to native phonological categories plays a
bigger role in imitation.
Keywords: phonetic talent, individual differences,
speech
imitation,
pronunciation,
lexical
representations
1. INTRODUCTION
Why is it so hard to shake the traces of your mother
tongue in a new language? And why, despite this, do
some people still manage to acquire a native-like
accent in a non-native language? These questions
have led some researchers to propose such a thing as
“phonetic talent” and to investigate the cognitive and
linguistic processes that underlie this ability (e.g.,
[6]).
If such a general phonetic talent truly exists, one
would expect that talented people would demonstrate
an advantage with any new sound system they
encounter. Support for the claim of phonetic talent
comes from studies showing that speech imitation
ability is related to L2 pronunciation. A relation with
L2 pronunciation has been demonstrated with the
imitation of unfamiliar speech sounds (e.g., [15, 20]),
unfamiliar languages (L0; e.g., [17, 18]), and nonnative accents and dialects in the mother tongue (L1;
e.g., [7, 18, 20]). However, stronger evidence for

1362

phonetic talent would be provided by comparing
performance on two completely unfamiliar sound
systems. Here we aim to test the strong claim of a
general phonetic ability in an L0 and an unfamiliar
accent in the L1. We assess phonetic ability in both
cases (i.e., L0 and unfamiliar accent in L1) with an
imitation task, contrary to previous studies which
have compared imitation to L2 pronunciation. If a
general phonetic ability exists, imitation performance
on the two tasks should be correlated; that is,
participants who are good at one task should tend to
be good at the other one.
However, imitating words in an unfamiliar
language and accented words in a known language
are different processes. One such difference is the
prior existence of lexical representations in the L1 but
not in the L0 which might thus affect L1 but not L0
imitation. These representations likely differ from the
way the words are said with an accent. Knowing the
word could either make the task less demanding (e.g.,
in terms of the amount of working memory resources
required) or, to the contrary, interfere with imitation,
blocking accurate pronunciation. Thus, in addition to
examining the relationship between the two imitation
tasks, we will compare performance in them to
evaluate the potential role of lexical representations
in imitation.
2. METHOD
2.1. Participants

Fifty-nine female native Dutch speakers who grew up
monolingually in the same region in The Netherlands
were recruited. Participants who reported any current
hearing or speech impairments, or who indicated
familiarity with the L0 or L1 accent, were excluded,
leaving 57 participants between the ages of 18 and 28
(M = 22.5, SD = 2.3).
2.2. Materials

2.2.1. Critical items
Greek-accented Dutch and Basque were chosen for
the L1 and L0 imitation tasks, respectively. They
were thought to be equally unfamiliar to most

potential participants. The L0 target sounds [a] and
[e] were selected because they do not have a direct
equivalent in Dutch. Perhaps the closest equivalents
are the Dutch [a:] or [ɑ] and [e:] or [ɛ], respectively,
but they all vary from the Basque sounds spectrally
and/or in terms of length. For the L1 imitation task,
the target sound deviations [ɪ]  [i] and [ʏ]  [u]
were chosen. While the target non-native
pronunciations are similar to sounds from the native
Dutch inventory, they also do not perfectly coincide
with Dutch sounds. The differences between the
unfamiliar vowels and the native Dutch ones are
shown in Figures 1-3.
For both tasks, two-syllable words were chosen in
which the critical sounds appeared in the first and
stressed syllable: the Basque words datu (“data
point”) and etzi (“the day after tomorrow”) for L0
imitation, and the Dutch words disco (id.) and dubbel
(“double”) for L1 imitation. These words do not
contain other sounds that were expected to be difficult
for native Dutch speakers.
The words were recorded by a 29-year-old female
native Basque speaker from Donostia and a 26-yearold female native Greek speaker from Crete who had
been speaking Dutch for three years.
2.2.2. Baseline items
Before the imitation tasks, participants produced
baseline utterances of the two words for the L1
imitation task, as well as Dutch words that contained
the closest equivalents to the target sounds described
above (i.e., datum [“date”] and dat [“that”] for datu,
etsen [“etchings”] and keet [“shed”] for etzi, and dief
[“thief”] and doedel [“doodle”] for dubbel). These
words were matched to the critical items in terms of
phonetic context and were obtained in order to
compare the critical items and imitations thereof with
the native Dutch vowel inventory.
In addition, both the participants and model
speakers produced words with vowels in a CVC,
CVCC, or CCVC (Dutch speakers) or CVCV
(Basque model speaker) context so that we could
normalize the values of their vowel utterances to their
vowel spaces.
2.3. Procedures

At the beginning of the experiment, participants read
lists of words out loud, including two instances each
of the baseline items.
Next, participants performed two imitation tasks:
in the first task (L0 imitation), they imitated real
words in Basque and in the second (L1 imitation),
they imitated Dutch words as spoken by the native
Greek speaker. The participants were informed that
they would hear words, in a foreign language and in
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Dutch respectively, and that they should repeat the
words, trying to imitate how they were pronounced to
the best of their ability. They were told that they
would have five consecutive attempts per item to
improve their imitations, during which they would
first re-hear the model utterances before each attempt.
In order to ensure that participants understood the
words in the L1 imitation task, before each item, they
saw the word they would be imitating printed on the
screen. This was not done for the L0 to prevent
participants applying Dutch spelling-to-sound rules.
Each task began with two practice items that did not
contain either of the target sounds to familiarize
participants with the task and the speaker’s voice.
After the imitation tasks, participants completed a
demographic and language background questionnaire
that included questions about their familiarity and
experience with the L0 and with the L1 accent.
As one of the research questions concerns
individual differences, the order of the tasks and items
was kept constant across participants.
Participants performed the tasks individually,
seated in a sound-attenuated recording booth in front
of a computer screen where the written instructions
were presented. Their speech was recorded digitally
with a microphone and they listened to the models’
utterances through headphones. The sound was set at
the same comfortable volume for all participants.
2.4. Analyses

Analyses of critical items were conducted on the fifth
attempt of each item. Vowels and words were
manually annotated in Praat [5]. Vowel boundaries
were set at a zero-crossing at the beginning and end
of periodicity based on auditory and visual inspection
of the waveform and spectrogram. Vowel duration
and formant values at vowel temporal midpoints were
automatically extracted with a script employing the
default settings in Praat’s built-in Burg algorithm
(window: 25 ms, time step: 10 ms). Automatic
formant extraction was checked by outlier inspection.
F1 and F2 were normalized for speaker’s vowel
space by applying the Lobanov transformation [1, 21]
in the phonR package ([14]; see Figures 1 and 2).
Euclidean distances to the model speakers’
normalized critical vowels were then calculated.
Vowel durations were first normalized for speech
rate by transforming them into proportion of total
word length (raw values are shown in Figure 3). Then
a difference score was obtained by subtracting the
model speakers’ values from each participant’s
values.

product-moment correlation. Again, there was no
significant correlation between performance on the
two tasks, r = .17, p = .211, 95% CI [-.10, .41] [19].

3. RESULTS
3.1. Relationship between L0 and L1 imitation

The relationship between the Euclidean distances of
the imitated tokens to the model speakers’ tokens for
L1 imitation and the equivalent distances for L0
imitation was estimated using Spearman’s rank
correlation coefficient for non-normal distributions.
There was no significant correlation between
performance on the two tasks, rs = .15, p = .256, 95%
CI [-.11, .40] [19].

Figure 3: Raw duration of imitations, native Dutch
baselines, and model speakers’ tokens.

Figure 1: L0 imitations (dark gray), native Dutch
baselines (light gray), and model speakers’ tokens
(black circles). Ellipses represent 1 SD (68% CI).

3.2. Comparison between L0 and L1 imitation

Linear mixed-effects (LME) models and generalized
linear mixed-effects models (GLMMs) were run
using the lme4 package [2] in R [16] and p values for
the GLMMs were calculated using the lmerTest
package [11]. Random effect structures were
determined by means of model comparison, opting
for the most parsimonious model.
First, a GLMM was run on the non-normally
distributed Euclidean distance data in order to assess
the role of task (L0 or L1 imitation) on imitation
performance. Task was a fixed factor and random
effects for participant and vowel were included.
There was no significant effect of task, ß = -.23, SE =
.27, t = -.85, p = .397. Another model was run to test
for an effect of vowel (4 levels) on the Euclidean
distance data with participant as a random effect. The
results (Table 1) reveal that imitations of /e/ were
further from the target than all other vowels.

Figure 2: L1 imitations (dark gray), native Dutch
baselines (light gray), and model speakers’ tokens
(black circles). Ellipses represent 1 SD (68% CI).

Table 1: Results of analysis of effect of vowel on
Euclidean distances (Tukey-corrected [12]).

The relationship between duration differences
between the imitated tokens and the model speakers’
tokens for L1 imitation and the equivalent distances
for L0 imitation was estimated using Pearson’s
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Contrast
a-e
a-i
a-u
e-i
e-u
i-u

Estimate SE z ratio
1.20
.49
-.27
-.70
-1.47
-.77

.25
.29
.33
.22
.27
.30

4.72
1.73
-.83
-3.24
-5.37
-2.53

p
<.001
.310
.839
.007
<.001
.056

A similar LME run on the durational data also
found no significant effect of task, ß = -.002, SE = .01,
t = -.16, p = .879. Here again there was an effect of
vowel. The results (Table 2) reveal that participants
tended to produce /u/ (-2.7%) relatively shorter than
the model than they did /a/ (0.4%) and /i/ (2.4%), and
that they extended the model’s duration of /i/
compared to /e/ (-1.4%).
Table 2: Results of analysis of effect of vowel on
duration differences (Tukey-corrected [12]).

Contrast
a-e
a-i
a-u
e-i
e-u
i-u

Estimate SE

t ratio

.02
-.02
.03
-.04
.01
.05

2.08
-2.26
3.60
-4.33
1.52
5.85

.01
.01
.01
.01
.01
.01

p
.165
.113
.002
<.001
.426
<.001

4. DISCUSSION
The present study examined individual differences in
speech imitation ability and the role of lexical
representations in imitation. In particular, we aimed
to answer two questions: 1) whether imitation of
sounds in an L0 is correlated with imitation of sounds
in an unfamiliar non-native accent in the L1, and 2)
whether lexical knowledge makes L1 imitation easier
or harder than L0 imitation.
As regards the first question, no significant
correlation was observed between L0 and L1
imitation neither in terms of vowel spectral nor
durational properties. This finding does not provide
support for the strong claim of a general phonetic
ability. It is also not consistent with the previous
literature on imitative ability and L2 pronunciation.
However, this may be because the analyses in those
studies were done on a much more general level:
while [17] and [18] used native ratings of 7-11
syllable-long utterances, [7] and [20] relied on selfratings of the more general “mimicry ability.” Even
[15], which looked at accuracy in imitating specific
features (e.g., aspiration following a voiceless
plosive), measured performance on a rough rating
scale in terms of whether the imitation was successful
or not. It may be that, at least at the start of sound
learning, phonetically talented people imitate cues
beyond spectral or durational properties that make
them sound more like the model, but which are not
detected by our measures. An ongoing project in
which we are obtaining ratings will be able to address
this question.
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With regard to the second question, L1 imitation
was not found to be facilitated or hindered in
comparison to L0 imitation. In fact, the language of
the task was not relevant. Rather, performance on the
tasks was better explained by the vowels that had to
be imitated. Speakers were worst at approximating
the spectral properties of the Basque /e/, while in
terms of duration, they tended to undershoot the
Greek-accented /u/ the most and overshoot the Greekaccented /i/ the most.
Inspection of the vowel plots reveals that the nonnative targets varied in differing degrees from the
corresponding native Dutch baselines. In some cases,
such as the Greek-accented /u/, the spectral overlap
with a native category may have aided performance,
while in others, such as the Basque /e/, this overlap
did not seem to help, perhaps due to the mismatching
duration. These findings suggest that the relationship
of the vowels to be imitated to the native phonological
categories may play a bigger role during imitation
than the language the words belong to [3, 4]. This is
in line with studies that have found that the proximity
of L2 sounds to the closest native category, as well as
the compactness/dispersion of the L1 category, needs
to be taken into account when assessing L2
pronunciation [9, 10]. Furthermore our results show
that the effect of the relationship to native sounds is
complex, sometimes perhaps facilitating accurate
pronunciation, sometimes leading speakers astray.
Given the influence of native phonological
representations, the large pre-existing differences
between the target sounds and native Dutch vowels
may have made it harder to assess the role of lexical
representations in imitation. In addition, our tasks
may not be fully comparable as they require different
processes (e.g., because of difference in memory
load). Future studies could better address the question
of the role of lexical representations by employing the
same sounds in known and unknown words.
Imitation has been gaining attention in the
literature on individual differences in L2
pronunciation (e.g., [8, 13, 16]). However our
findings paint a complex picture where several
different factors such as the feature in question and
the relationship of the target sounds to pre-existing
phonological categories, and perhaps the existence of
prior lexical representations, influence imitation.
Further light needs to be shed on these intricacies
before any conclusions can be made about the
relationship between imitation and phonetic talent or
L2 pronunciation. The current findings nevertheless
show that a simple account where individual phonetic
talent alone should predict imitation ability across all
languages is not tenable.
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ABSTRACT

words (Catalan gat, Spanish gato) than for nonmatching words (Catalan taula, Spanish mesa) [4,
9]. Similar results have been found in the domain of speech perception [11, 14]: for example, a
visual-world study found that German–English and
English–German bilinguals were briefly distracted
by a competitor image of a lid (German Deckel)
when searching for the target desk, even though
the experiment was entirely in English [1]. The
consensus that emerges from this literature is that
cross-linguistic phonological competitors (‘interlingual homophones’) influence lexical access.
What is unclear, however, is what exactly constitutes a phonological competitor. For the most
part, the previous literature has simply assumed that
equivalence exists between some pairs (e.g. English
/f/ and French /f/) but not between others (e.g. English /k/ and French /œ̃/). These assumptions are
largely uncontroversial. However, some phonemes
appear to have multiple possible correspondents in
the other language, or none at all. Returning to the
pileF example from earlier: we suggested that this
word is most similar to peelE , but another plausible mapping is to pillE . It has been proposed that
in cases like this, the most phonetically similar mapping is primary while the other is secondary [17].
However, it has been noted that structural issues
(such as patterns of allophony, phonotactics, and
featural oppositions) are just as, if not more, relevant than plain phonetic similarity [2].
Phonological priming can be used as a diagnostic
in determining the similarity of phonemes [8, 16],
and could be useful in disentangling these questions.
A first step is therefore to determine if the phonological priming paradigm can be used to assess interlingual equivalence in general. This paper reports
on three experiments which attempt to answer this
question. These all followed the same method: Participants were presented with an English prime, followed by a French target. The task was lexical decision on the target. If an English prime (such as

Different languages often share speech sounds, and
some degree of phonological similarity or equivalence is commonly assumed between these shared
sounds. We investigated phonological representations in late bilinguals through a phonological
priming paradigm, where participants heard an English CVC prime followed by a French CVC target. Prime-target pairs either matched (e.g. bet, bête)
or mismatched (e.g. seed, pâte). If the prime and
target share a phonological representation, then responses to the target should be speeded in the matching condition relative to the mismatching condition.
In three lexical decision experiments, we tested both
French–English and English–French bilinguals. We
found no evidence that phonologically matching
primes facilitate lexical access. We discuss these results in light of our understanding of phonological
representations in bilinguals, language-switching,
and priming.
Keywords: phonological priming, auditory priming, interlingual homophones, lexical decision
1. INTRODUCTION
Spoken languages often share similar sounds. For
bilingual or multilingual speakers, this raises a question about mental representation: to what extent
do these speakers represent the phonemes of different languages with the same abstract units? Consider English peel /pil/ and French pile ‘battery’
/pil/. Although these words differ in phonetic detail ([phfli:@„ë] and [pil„] respectively), many speakers
regard these words as having ‘the same sounds’. Indeed, pileF is regarded as more similar to peelE than
it is to, say, paleE or tealE .1
Prior work has claimed that words ‘with the same
sounds’ facilitate lexical access for bilinguals in
unambiguous environments. For example, faster
picture naming was observed for (near-)matching
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loopE /lup/) leads to facilitation of lexical access
to a phonologically similar French target (such as
loupeF /lup/ ‘magnifying glass’), we can conclude
that the phonological representations of the word
are similar. If, however, loopE does not facilitate
loupeF , then their phonological representations must
be dissimilar.

according to whether they could be plausibly interpreted as an English pronunciation of a French word.
For example, loopE /lup/ could be considered to be
an English-accented production of loupeF . On the
other hand, bedE cannot be interpreted in this way
because /bEd/ is not a French word. A possible
task-specific strategy that participants could adopt is
to attend to the English prime as if it were French,
perform French lexical decision on the prime, and
immediately respond with their decision if the target is phonetically similar to the prime. While the
inclusion of non-French-sounding primes does not
entirely invalidate this strategy, it allows for it to be
tested and controlled at the analysis stage. That is, if
this strategy is being used then we expect to observe
faster responses to French nonwords following nonFrench-like primes and French lexical words following French-like primes, relative to all other conditions.
All words (primes and targets) were preceded by
a grammatically appropriate particle, such as theE
or leF . This step was taken to maximize intelligibility of the short stimuli by L2 listeners, and because
many bare nouns in French are ungrammatical without a particle. While most research on phonological priming has used bare words (e.g. [6, 13]), short
phrases have been shown to lead to equivalent priming effects [16].
The different trial types are summarized in Table 1. Four counterbalanced lists were constructed,
each consisting of 56 words and 56 nonwords with
French-sounding primes, and 22 words and 22 nonwords with non-French-sounding primes. Of the
word trials, 28 were matching and 50 non-matching;
and of the nonword trials, 11 were matching and 68
non-matching. No participant was presented more
than once with a given prime or a given target.2
The prime phrases were recorded by a male native
speaker of English, and the target phrases by a female native speaker of French.

2. EXPERIMENT 1
2.1. Participants

Thirty French L1 English L2 bilinguals (23 female)
participated in this experiment. Their mean age was
24.3 years (min: 18; max: 33). All participants were
native speakers of French and had lived in Frenchspeaking countries their entire lives. They began
learning English at a mean age of 10 years (max:
14; min: 6).
2.2. Stimuli

Stimuli consisted of 173 English primes (all real
words) and 162 French targets (including both
words and nonwords). From these, 389 unique
prime–target pairs were constructed. The target either matched the prime in terms of gross phonology (e.g. betE /bEt/ preceding bêteF /bEt/), or did
not match (e.g. betE /bEt/ preceding loupeF /lup/,
or betE preceding */vys/). The majority of stimuli were CVC, with some CCVC and CVCC. Both
words and nonwords could be preceded by a phonologically similar prime. This control meant that participants could not simply listen to whether the two
words ‘sounded similar’; they instead had to perform full lexical access on the target word.
A further distinction was made among the primes

Mismatch

Match

Table 1: Overview of trial types, varying in lexicality of target word, the French-like-ness of the
prime word, and the phonological match or mismatch between prime and target. W: Word trial;
NW: Non-word trial; FP: French-like prime; NFP:
Non-French-like prime.

W
NW
W
NW

Prime
Target
Prime
Target
Prime
Target
Prime
Target

FP

NFP

loop /lup/
loupe /lup/
N/A
N/A
bet /bEt/
loupe /lup/
bet /bEt/
*/vys/

N/A
N/A
bed /bEd/
*/bEd/
trade /tôeId/
loupe /lup/
good /gUd/
*/piS/

2.3. Procedure

Participants were randomly assigned to one of the
counterbalanced lists. The procedure followed that
of [16]: The prime phrase was presented on screen.
The recording of the prime was presented over headphones 500 ms later. At the offset of the audio, the
visual display was replaced by a fixation cross. After another 500 ms delay, the target was presented
over headphones. Participants responded “word” or
“nonword” to the last word of the target phrase. The
next trial began 750 ms after a response was registered. Every 7 trials, participants were prompted by
question on the screen where they were asked if they
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had encountered a particular prime before. This secondary task was intended to ensure that participants
were paying attention to the primes; they received
visual feedback on their accuracy.

Table 2: Mean of by-subject mean reaction times
for Experiment 1, split by condition. Standard deviations in parentheses.

2.4. Analysis

A mixed-effects linear regression model was constructed to predict (log-transformed) reaction time to
correctly answered target trials. Fixed effects were
match condition (matching vs not matching), prime
type (French-like prime vs non-French-like prime),
target word frequency (z-transformed), and prime
word frequency (z-transformed). Random intercepts
of prime word, target word, and participant were included along with a random slope for match condition by prime word, target words, and participant.
This was the largest random slope structure that led
to reliable convergence.
An additional analysis was undertaken in order to
check for the use of the task-specific strategy of performing lexical decision on the English prime as if it
were French, and then accepting or rejecting the target if there was an approximate phonological match
between the words. For each participant, a t-test was
performed to compare the reaction times of trials
which were eligible for this strategy to the reaction
times of other trials.3

Prime type

Similarity

RT (ms)

French-like
French-like
Non-French-like

Match
Mismatch
Mismatch

760 (172)
771 (160)
763 (164)

gual priming we may need to use the L1 to prime the
L2. This possibility motivated Experiment 2, where
we tested English–French bilinguals.
3. EXPERIMENT 2
3.1. Participants

Eleven English L1 French L2 bilinguals (9 female)
participated in this experiment. Their mean age was
24.5 years (min: 21; max: 28). The participants
were working or studying in Paris at the time of the
experiment, and began learning French at a mean
age of 12.5 (min: 5; max: 22). Each participant had
been resident in France for between 1 and 6 years at
the time of the experiment.
3.2. Stimuli, procedure, analysis

2.5. Results

The stimuli and procedure were identical to those of
Experiment 1, with one exception: the prime was
only auditory, not visual. This was done because it
was thought that the participants, being English natives, would not need visual assistance in comprehending the prime. Analysis followed that of Experiment 1. Due to convergence issues no random
slopes were included.

Mean reaction times are reported in Table 2. All
participants scored above chance on the lexical decision task, and so none were excluded. Thirty-eight
items were removed for having accuracy rates below chance. This left 1499 correct responses to target items that could be analyzed. No significant effects in the mixed-effects model were observed (all
p > .3). Thus, there was no systematic difference
between the conditions, even when accounting for
the ability of the prime to be interpreted as a French
word. The t-tests revealed no evidence for strategic
bias in the results. (Three participants actually responded significantly more slowly to trials with the
hypothetically beneficial conditions.)

3.3. Results

Mean reaction times are reported in Table 3. No
participants were excluded: 478 data points from
correctly-answered target word trials were thus
available for analysis. More frequent words had
faster reaction times than less frequent words (β =
−0.078, t = −2.549, p = .014). No other significant effects were observed (all p > .4). The t-tests
revealed no evidence for strategic bias in the responses.

2.6. Discussion

This experiment revealed no evidence of priming
from English into French for French–English late
bilinguals. It is plausible that the lack of an effect
could be attributed to the fact that English is the L2
of these participants, and we expect greater influence of L1 on L2 processing than vice versa (i.e. language transfer [7]). That is, to observe true interlin-

3.4. Discussion

A comparison of overall mean accuracy rates suggests that these English–French bilinguals (mean:
70.1%) were less adept at the lexical decision task
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Table 3: Mean of by-subject mean reaction times
for Experiment 2, split by condition. Standard deviations in parentheses.

Prime type

Similarity

RT (ms)

French-like
French-like
Non-French-like

Match
Mismatch
Mismatch

839 (180)
870 (164)
846 (218)

Table 4: Mean of by-subject mean reaction times
for Experiment 3, split by condition. Standard deviations in parentheses.

Prime type

Similarity

RT (ms)

French-like
French-like
Non-French-like

Match
Mismatch
Mismatch

788 (323)
708 (337)
675 (217)

5. DISCUSSION AND CONCLUSIONS

than the French–English participants of Experiment 1 (mean: 79.5%). Nevertheless, the lack of
any indication of a priming effect is surprising. A
possible confound is the high cognitive load of the
experiment—the stimulus phrases varied in syntactic class, and different word classes are known to be
processed differently [10, 3]. Experiment 3 therefore restricted the stimuli to nouns only.

Three experiments did not reveal evidence of crosslanguage phonological priming, from either L2 to
L1 (Experiment 1) or L1 to L2 (Experiments 2
and 3). This result is surprising, as previous studies
have observed competition and interference effects
between L1 and L2 [1, 4, 9, 11, 14], as well as monolingual phonological priming in similar contexts to
the current study [16].

4. EXPERIMENT 3

Despite their relatively low number of participants, Experiments 2 and 3 had sufficient power to
observe effects of equivalent magnitude to identity
priming in monolingual contexts [16]. Indeed, examination of the condition means in Tables 3 and 4
suggest that there was not even a hint of a pattern towards priming. Repeating our modeling on pooled
data from both of these experiments revealed the
same pattern of non-significant results.

4.1. Participants

Nine English L1 French L2 bilinguals (seven female) participated in the experiment. Their mean
age was 26.7 years (min: 20; max: 32). The participants were working or studying in Paris at the time
of the experiment, and began learning French at a
mean age of 15.1 (min: 7; max: 27). Each participant had been resident in France for between 1 and
6 years at the time of the experiment.

An alternative explanation for these null results
might relate to the cost of language switching.
Specifically, each trial involved such a switch, as the
prime had to be processed in English and the target
in French. Language switching is cognitively costly
[12], and a prior study has reported a mean switch
cost of over 100 ms in picture-naming tasks [15].
This delay is larger than the usual size of phonological priming effects [5, 13, 16], so it is possible that
the language switching simply ‘overwhelmed’ any
phonological priming effect. If this is the case, then
the phonological priming paradigm is ultimately inappropriate for answering questions of phonological
similarity between languages.

4.2. Stimuli, procedure, analysis

A subset of the stimuli from Experiment 1 were chosen. Only nouns were selected, and organized into
three lists of 106 prime–target pairs each, with the
same proportions of words–nonwords and Frenchsounding and non-French-sounding primes as in Experiments 1 and 2. Leading particles were omitted from both prime and target, since all stimuli
were nouns. The procedure followed that of Experiment 2. Analysis followed that of Experiment 2.
Due to convergence issues the random intercept of
prime word was not included.

Future work could use a visual world paradigm,
following [1], where the non-target language is implicitly rather than explicitly primed. Such an approach would avoid the possible issues of language
switching. However, it is not clear whether the visual world paradigm is sensitive enough to detect the
differences in magnitude of priming between, say,
peelE and pileF versus pillE and pileF . Further research towards achieving this long-term objective is
clearly warranted.

4.3. Results

Mean reaction times are reported in Table 4. Two
participants had accuracy at chance level and were
not included in the analysis. As a result, 235 correct
responses to target words were available for analysis. No significant effects in the mixed-effects model
were observed (all p > .2). The t-tests revealed no
evidence for strategic bias in the results.
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2 The complete set of all stimuli, and the four counterbalanced lists, is available at https://github.com/roryturnbull/
BilingualPhonologicalPrimingICPhS19.
3 A reviewer asks why we did not simply include this factor as a fixed effect in our models. A fixed effect would
only assess whether there was a strategic bias in aggregate across all participants in a given experiment. Since
we did not expect a strategic bias, if present, to exist for
all participants, we instead looked for the presence of bias
in each participant individually.
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ABSTRACT
VOT in Michif was examined in 446 stops across 10
speakers taken from a collection of semi-directed
Pear Stories. Michif is a critically endangered Plains
Cree-French mixed language spoken in parts of
Canada and the US. The source language for each
stop was labelled to test whether French-source and
Cree-source stops patterned differently, as has been
argued in Bakker, Papen [2]. Results show that VOT
patterned remarkably similarly across source
languages, despite French distinguishing between
voiced and voiceless stops, whereas Plains Cree does
not. Our results show that both voiced and voiceless
French-source stops are nearly identical, showing a
mean difference of approximately 20ms between the
two sets, negligibly perceptible. This supports recent
research showing that French-source material in
Michif has largely assimilated to Plains Cree
grammatical structures ([7], [22]).
Keywords: Michif, mixed languages, VOT, language
contact, Algonquian
1. INTRODUCTION
Michif is a severely endangered language still spoken
today by an estimated 100-200 Métis people, situated
primarily in Manitoba and Saskatchewan in Canada
and in North Dakota in United States [11]. Michif is
generally classified as a mixed language, meaning it
cannot be traced back to a single language family [2],
[12], [29]. It has been claimed to maintain the
phonological grammar of both of its source
languages, French and Plains Cree [1], [2], [16]. The
goal of this paper is to investigate this claim based on
phonetic analysis of voice onset time (VOT) in the
Michif stop system, using source language as a
variable in the analysis, to ascertain whether the
historical source plays a role in determining the vowel
space or duration of the particular vowel in Michif.
This follows other recent work investigating Michif
1

vowels which found that the Michif vowel system
does not seem to rely on historical information, and
that historically similar French and Cree vowels
pattern together with regards to formant frequencies,
employing primarily a Cree-type vowel system with
the innovation of two vowels [21].
Testing ‘conflict sites’ in contact languages (i.e.,
areas of the grammar which are different in each
source language [15]) has been a common way to
make claims regarding the status of source language
grammars in the new contact language. (cf. [2], [7],
[14], [15], [16], [17], [20], [23], [24], [25], [26], [27]).
For instance, Rosen [20] investigates word stress in
Michif, comparing stress assignment in each of the
source languages, then comparing words from each
source language within Michif. She finds that Michif
word stress follows a single system which is not
entirely either the Plains Cree or French systems, but
rather an amalgam of the two.
VOT is under investigation here as one of these
so-called ‘conflict sites’, as Canadian French and
Plains Cree have very different systems. Canadian
French has two sets of contrastive phonemic stops, a
short-lag voiceless stop set /p t k/ and long-lead prevoiced stop set /b d g/ ([9] , [28]). In contrast, Plains
Cree has one set of voiceless stops /p t k/, with
reported phonetic intervocalic voicing ([30], [31]).
Given these different systems, our research question
is: how is VOT manifested in Michif, the new contact
language? We can imagine three resulting scenarios,
including a) Plains Cree and Canadian French lexical
items patterning as they do in their respective source
languages, for a three-way distinction in stops, b)
Plains Cree- and Canadian French-source voiceless
stops patterning together and contrasting with
Canadian French-source voiced stops, for a two-way
distinction in stops (as can be construed from Rhodes
[18] who says Michif stops reflect French stops), or
c) both voiceless and voiced stops in Canadian French
patterning with Plains Cree-source stops, for a single
set of voiceless stops. In order to investigate this
question, we analyze the VOT of Michif stop

We wish to thank Michif speakers Cecile Burroughs, Verna DeMontigny, Edna Fleury, Harvey Fleury, Irene Fleury,
Mervin Fleury, Norman Fleury, George Pelletier, Harvey Pelletier, and Marie Tanner for their contributions to the
corpus. Special thanks also go to Verna DeMontigny for her help with the transcription and translation. This research
was funded in part by the Canada Research Chair in Language Interactions, awarded to Nicole Rosen, as well as by
the Endangered Languages Documentation Programme (IGS #0151, 2011–2014) and the Phillips Fund for Native
American Research (2014–2015), awarded to Olivia Sammons.
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consonants, considering source language as a factor.
We outline our methods below.
2. METHODS
2.1. Speakers
The speech of ten Michif speakers from Manitoba,
Canada, five women and five men, was included in
this study. All participants acquired Michif from birth
and learned English when they started school.
Participants were from Gambler Reserve, St. Lazare,
Fouillard's Corner, Minnetonas, Binscarth, Russell,
and Ste. Madeleine. Participants were between the
ages of 61 and 83 at time of recording, and all were
bilingual Michif-English speakers. All recordings
were completed in 2013 by the fourth author.
2.2. Procedure

Data came from a corpus of Pear Story narratives. A
native speaker of English gave all instructions in
English. Participants were asked to watch a video
recording of the Pear Story [4] on a Macbook Pro
laptop. After the video concluded, each participant
was asked to retell the story in Michif from memory.
They were then asked to narrate the story a second
time, while simultaneously watching the video.
Depending on the particular recording situation,
either a Marantz PMD661 or Olympus LS-10 digital
audio recorder was used, along with either a
Countryman E6i earset microphone, a Countryman
B3 or Sony ECM-44B lavalier microphone, or a Rode
NT4 tabletop microphone. Recordings were made in
16-bit Waveform Audio File Format (WAV) with a
sample rate of 44.1 kHz. These recordings were then
orthographically transcribed and translated into
English using ELAN software [10] by the fourth
author, in consultation with a native Michif speaker.
2.3. Analysis

The Pear Story narratives were imported into Praat,
where labelling and analysis was done by the third
author using a semi-automated Praat script. Voice
onset were labeled using Praat [3]. Both waveform
and spectrograph were displayed to aid in labelling.
VOT refers to the temporal duration from the
moment of release of a stop to the onset of voicing in
the following vowel [8]. In languages that have
contrastive stops, one of the more common cues for
differing between long-lag, short-lag, and lead
voicing involves average VOT duration. All
measurements were completed by the third author.
The VOT of 446 stops was analysed in total. Due to
the nature of the dataset and the lower overall
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frequency of French-source items in Michif, the
number of stops per place of articulation were not
evenly balanced between Plains Cree and French
source languages; see Table 1. The resulting output
was exported to R [18], which was used to perform
descriptive statistics. The primary linguistic factor
investigated in this preliminary analysis was the
source language of the lexical item (Plains Cree or
French). Recall that voiced stops are not phonemic in
Plains Cree. The Plains Cree-source voiced stops
listed in Table 1 were phonetic realizations in the
dataset.

/p/
/t/
/k/
/b/
/d/
/g/
Total

Plains
FrenchCree-source source
51
78
25
9
204
1
(4)
10
n/a
26
(4)
34
288
158

Total
129
34
205
14
26
38
446

Table 1: Distribution of stops in the dataset

3. RESULTS
3.1. Voiceless stops

First, we examine the VOT of the voiceless stops in
Michif. Figure 1 shows the distribution with standard
deviation of each voiceless stop based on source
language. From Figure 1 we see that the distributions
for all phonetically similar stops are overlapping with
each other. That is, Plains Cree-source /p/ and
French-source /p/ overlap to a large degree, with the
means within 10ms of each other, and /t/ is even
closer. Although due to a lack of Michif items with
source-French /k/, we cannot say definitively that
French /k/ is overlapping with Plains Cree /k/, the one
analysed French /k/ item is within the range of Plains
Cree, and the pattern seems likely to hold with the
addition of more data. All voiceless stops analysed
seem to fall in the range of short-lag VOT, with a
positive mean VOT range between 20-45ms.
3.2. Voiced stops

Next, we look at the voiced stops in the dataset. The
lack of phonemic voiced stops in Plains Cree makes
these somewhat more complicated to compare.
However, Plains Cree and Michif report intervocalic
voicing of voiceless stops ([30] [31] for Cree, [19] for
Michif), and in Michif, there is a further phenomenon
which results in the appearance of phonetic initial
voiceless stop, as in the example in (1).

(1) [gii-waabamaa-w]
n-kii-waapamaa-w
/ni-kii-waapamaa-w/
1-PAST-see-3
‘I saw him.’
In the example in (1), taken from the dataset, the
vowel in the first-person prefix /ni-/ deletes in
unstressed position, and a voicing assimilation
process results in /n/ appearing only as voicing on the
initial stem. We analysed the VOT of these phonetic
voiced stops where possible, though there were no
instances of Plains Cree-source /b/ in the dataset, and
just four examples of /d/ and /g/.

Figure 1: VOT of voiceless stops by source language

The results of the voiced stops revealed that voiced
stops in the French-source items are rarely prevoiced,
contra reports for Canadian French in Quebec ([9],
[28]). Rather, VOT for French-source voiced stops
are in the short-lag range, with distributions between
positive 10-40ms, as seen in Figure 2.

range, with a number of prevoiced outliers, and we
can see that Plains Cree-source phonetic /g/ has lead
VOT. However, due to the difference in phonemic
status with other stops in the dataset, insufficient
tokens, and inconsistent VOT results, we set the
Plains Cree-source voiced stops aside for future
research. Setting aside then the allophonically
conditioned voiced stops, we now turn to comparison
of the phonemic contrasts in Michif.
3.3. Phonemic contrasts in Michif

Our results show that the VOT values of Plains Creesource voiceless and French-source voiceless stops
are largely overlapping. Interestingly, French-source
voiced stops are also remarkably similar in
distribution, also falling into the range for short-lag
VOT. In addition to the figures given in sections 3.1.
and 3.2., we compared the overall means of Creesource and French-source VOT, finding not only that
Cree and French voiceless stops are nearly identical,
but somewhat surprisingly, that French so-called
voiced stops also have nearly identical VOT as
voiceless ones. Table 2 shows the range of VOT
between Cree and French stops. Note that for the
alveolar set, the Cree voiceless, French voiceless and
French voiced stops have only a 1 ms range between
the means of the three groups.
Mean VOT
Cree
French
French
(ms)
voiceless voiceless voiced
p/b
25
29
18
t/d
26
26
27
k/g
48
39
35
Table 2: Mean VOT by source language.

Range
11 ms
1 ms
13 ms

Given the similarities in mean VOT by source
language, we collapsed all stops per source language
to compare overall patterns, shown in Figure 3.

Figure 2: VOT of voiced stops by source language

Because Cree-source voiced stops are allophonically
conditioned, not phonemic, we have little in the way
of generalizations to make about the few examples we
have analyzed here. From Figure 2 we can see
however that the /d/ is also primarily in the short-lag
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Figure 3: VOT by source language

Note that while the outliers in the Cree voiceless
group and the French voiced group pull the scale
along both the positive and negative ends
respectively, the actual range for the standard

deviation of all three groups is within what would
normally be considered non-contrastive, with less
than 20ms between so-called voiceless and voiced
stops. Given the small range between the stops, we
argue that all three sets of stops are non-contrastive,
at least in terms of VOT. Therefore, an analysis of
Michif which posits a single set of Michif stops may
be the most accurate. Collapsing all stops based on
place of articulation rather than on source language,
then, results in Figure 4, showing Michif as a
language with a three-way place distinction and a
single set of short-lag stops /p t k/.

Figure 4: VOT by place of articulation

4. DISCUSSION
This study is to date the only phonetic analysis of
Michif VOT, filling a gap in our descriptive phonetic
knowledge of a critically endangered language.
Furthermore, this analysis has important implications
for how new contact languages establish their
phonetic grammar when faced with two different
systems with different phonemic inventories. We
posited three possible outcomes to our research
question in 1.0, and we conclude based on the results
of our study that the most accurate analysis is
outcome c), all stops in Michif pattern together, for a
single set of voiceless stops in the language. This is
contra analyses of Michif which posit two distinct
phonological grammars ([1], [2]) and supports other
work on Michif which finds that the language patterns
more like Algonquian languages ([5], [7], [23]). It is
interesting to note that this analysis is also not in line
with orthographic systems that have been developed
by linguists and native Michif speakers, which give
two distinctive sets of stops ([6], [13], [22]).
Two aspects of language contact should be
mentioned in this study. First, the variety of French
which would have been the input to Michif has been
argued to be the local Métis French rather than
Laurentian French as spoken in Quebec. The one
study of local French VOT [21] has shown that there
is markedly less prevoicing, like that seen here in the
French source data. However, in this case, the
voiceless stops remained contrastive with the voiced,
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showing long-lag values in the 60-80ms range.
Therefore, even if the lack of prevoicing is common
in local French varieties, these same local varieties
still carry two distinctive sets of stops, unlike what we
have found for Michif.
The second aspect of language contact is based on
the English bilingualism of all speakers surveyed. We
could ask whether English has played a role in the
VOT system of Michif. While this is certainly
possible, the VOT results we have reported for Michif
do not resemble in any way those for English, with its
long-lag voiceless and short-lag voiced consonants.
Therefore, any influences from English do not seem
to have changed the underlying Michif VOT system.
The results we have presented are based on ten
speakers, balanced by gender, or an estimated 5-10%
of the remaining speakers of Michif; a strong corpus
for a critically endangered and understudied
language. That said, there are some shortcomings in
the dataset which must be noted. While the number of
tokens of each stop is unbalanced in terms of its
source language, note this is reflective of the
unbalanced nature of the distribution of the number
of vocabulary items from each source language in
Michif. As Michif is a polysynthetic language, nouns
are often not required in discourse, and as such, there
is much less French-source lexical material than
Plains Cree. This is reflected in the smaller numbers
for items with French voiceless /t/ and /d/. These
small numbers made inferential statistical analysis of
the results problematic. In future work, we plan to
expand the dataset to include more texts, which
should reinforce our findings here.
Our findings overall bring into question the
treatment of Michif as having two active phonetic
grammars, supporting instead analyses which argue
that Michif patterns as a member of the Algonquian
family, closely related to Plains Cree. Michif may be
better analysed then as having incorporated French
lexical material, but having adapted this material to
primarily Algonquian structures. Interestingly, recent
work on other mixed languages have found analogous
results. For example, Stewart [22] finds for Media
Lengua that while Spanish origin stops have been
adopted though lexical borrowings, the language on a
whole conforms to its ancestral language’s (Quichua)
phonological system. Stewart et al [25] also suggests
that the ancestral language’s phonology plays a major
role during mixed language formation for Gurindji
Kriol. The present study on Michif VOT therefore
supports other recent work in mixed language
phonetics showing that ancestral languages tend to
play a larger role than colonial languages in mixed
language grammars.
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ABSTRACT
The Otomi language belongs to the Oto-Pamean
branch of the Oto-Manguean languages in Mexico.
The variety of Otomi (Hñäñho) spoken in Santiago
Mexquititlán, Querétaro, is an endangered language
that is still largely unexamined from an instrumental
point of view. The present study is the first to provide
an acoustic description of the Hñäñho vowel system.
We report on the oral vowel inventory of Hñäñho by
means of acoustic analyses of production data from
four native speakers. While it is common for
moribund indigenous languages to lose phonemic
distinctions when in extensive contact with a majority
language (i.e., Spanish), our results indicate that the
vowel system of Hñäñho spoken in Santiago
Mexquititlán consists of nine oral vowel phonemes,
maintaining all phonemic contrasts. This acoustic
description provides novel data on an endangered
language while also contributing to the growing body
of studies on cross-linguistic influence in the context
of Mexican indigenous bilingualism.
Keywords: Otomi, Hñäñho, indigenous language,
acoustic description, oral vowels.
1 INTRODUCTION
Otomi belongs to the Otomian branch of the
Oto-Pamean subdivision of the Oto-Manguean
language family, spoken in central Mexico [26].
Otomi from Santiago Mexquititlán, located in the
Mexican state of Querétaro, is referred to as Hñäñho
by its native speakers [14]. Hñäñho is spoken as a first
(L1) or second language (L2) almost exclusively by
Otomi Mexican indigenous people from the rural
community of Santiago Mexquititlán. This language
is largely underdescribed from an instrumental point
of view, which makes it difficult to predict
cross-linguistic effects in native and heritage speakers
of Hñäñho acquiring Spanish and/or other languages
in a situation of extensive language contact with
Spanish in central Mexico.
Previous studies have described the Hñäñho vowel
system using impressionistic techniques [11, 14, 15].
However, it could serve a useful purpose to compare
such descriptions with instrumental measurements of
the Hñäñho vowel inventory obtained in a carefully
controlled experimental setting. Thus, the present
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study is the first to acoustically describe the Hñäñho
oral vowel system. We discuss the oral vowel
inventory of four native speakers of Hñäñho from a
small urban Hñäñho community in the city of
Santiago de Querétaro (Mexico), all of whom were
born and raised in Santiago Mexquititlán.
There are 9 Otomi varieties, namely Mezquital
Otomi, Tilapa Otomi, Eastern Highland Otomi,
Tenango Otomi, Querétaro Otomi, Estado de México
Otomi, Temoaya Otomi, Texcatepec Otomi, and
Ixtenco Otomi [15, 22]. According to UNESCO, 3 of
these varieties are considered “severely endangered”,
3 are “definitely endangered”, and 3, including the
Hñäñho variety spoken in the state of Querétaro, are
catalogued as “vulnerable” [19]. Otomi speakers who
leave rural areas for larger cities are exposed to an
exclusively Spanish-speaking urban environment as
well as to negative attitudes towards them and their
language [10, 13, 24], which can lead to a complete
loss of the native language within as little as three
generations [10].
Linguistic features of the Otomi language are
being lost due to extensive contact and shift towards
Spanish [13, 24]. Mexican Spanish has a symmetrical
five-vowel system (/a/, /e/, /i/, /o/, and /u/) and no
nasal vowels. On the other hand, Otomi vowel
systems are usually comprised of a rich set of oral and
nasal vowels [11, 20, 26]. The most common vowel
system found across the nine Otomi varieties is one
consisting of 9 oral vowels [2, 3, 4, 5, 17, 23], with an
additional set of one to five nasal vowels [11].
In a situation of continuous language contact with
Spanish, the potential influence that these vowel
systems might exert on each other is especially
relevant. It is not infrequent for vowel systems to be
affected in situations of language contact [1, 7, 12].
In the case of Otomi-Spanish language contact, the
Otomi vowel system exhibits a greater degree of
complexity in comparison to the Spanish vowel
system, and as a result of language contact there could
be a tendency towards simplification [18], in which
phonemic contrasts in Otomi not present in Mexican
Spanish would be lost in the process of language shift
from Hñäñho to Spanish.
1.1 Hñäñho vowels

There are very few acoustic studies of Otomi
varieties and these focus mainly on suprasegmental

features of the language, such as lexical prosody [26]
and tonal patterns [11]. Hñäñho has been described as
having 9 oral vowels (Table 1) and one nasal vowel
/ã/ [11, 14, 15]. The description of Hñäñho vowels in
Table 1 is based on minimal pairs; however, no
acoustic measurements were performed. These
phonological transcriptions will benefit from acoustic
data in order to confirm that these vowel contrasts are
phonemic in the production of Hñäñho native
speakers. Acoustic studies describing vowel systems
of other Otomi varieties are also extremely scarce
(but see [23] for a thesis on Acazulco Otomi vowels).
Table 1: Hñäñho oral vowels [11, 14, 15].

Close
Close-mid
Open-mid
Open

Front
i
e
ɛ

Central
ɨ
ɘ

Back
u
o
ɔ

a

As in other Otomi varieties, Hñäñho vowels can
carry three tones: low, high, and rising [14, 15]. The
study of the tone system of Hñäñho is beyond the
scope of this paper; however, the possible effects of
vowel tones were controlled for in the list of
experimental stimuli (see section 2.2 Materials for
more details). Despite the lack of consensus on the
interaction of the tonal and accentual phenomena in
Otomi, disyllabic words seem to mostly be stressed
on the first syllable, regardless of the tone [11, 26].
The main goal of this study is to acoustically
describe the Hñäñho oral vowels1. Moreover, we
seek to determine whether phonemic contrasts
between the Hñäñho vowels, as previously described
impressionistically [11, 14, 15], are maintained in the
oral production of native speakers or if Hñäñho
phonemic categories are merging due to the influence
of Spanish.
2 METHOD
2.1 Participants

Four native speakers of Hñäñho (two males and two
females) were recruited for this study. Their ages
ranged from 54-69 (M=62.0, SD=6.2). Participants
reported that Hñäñho was their only mother tongue;
however, all of them were also very proficient
Spanish speakers. They started learning Spanish at
the age of 7-17 years old (M=13.3, SD=4.3), when
they left their rural home community in Santiago
Mexquititlán to move to Santiago de Querétaro.
However, they use Hñäñho on a daily basis with their
family members, acquaintances, and co-workers.
All participants reported normal speech and
hearing. They signed an informed consent form and
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received monetary compensation for taking part in the
study.
2.2 Materials

A list of 81 common disyllabic Hñäñho nouns was
extracted from a Hñäñho-Spanish dictionary [14].
The list was carefully designed to contain three
different nouns for each one of the 27 possible
vowel-tone combinations (9 oral vowels × 3 tones ×
3 nouns = 81). All nouns on the list were corroborated
by a native speaker before being selected as target
items in the production task. The list was randomized
and split into two counterbalanced blocks.
The target vowel in each experimental item
appeared in stressed position, forming the nucleus of
the first syllable. The syllabic structure of all words
was (C)CV-(C)CV (target vowel in bold), typical of
disyllabic Otomi words [11, 20, 26]. Consonant
sounds directly preceding and following the target
vowel included stops, fricatives, and affricates.
Words with nasal and lateral consonants were
avoided since they can complicate vowel formant
measurements [16].
2.3 Recording procedure

The oral production recording was conducted
individually in a sound-attenuated booth with
participants comfortably seated at the same table as
the experimenter. The production of the target
Hñäñho vowels was elicited by a Spanish-Hñäñho
translation task. Participants were asked to provide
Hñäñho translations of Spanish words by embedding
them in a carrier phrase, Dí mää ar targetword gatho
ya pa ‘I say the targetword every day’.
The speech samples were recorded using a
head-mounted microphone (Shure SM10A) and a
solid-state digital recorder (Marantz PMD660),
digitized (44 kHz, 16 bit quantization), and
computer-edited for subsequent acoustic analysis.
Three repetitions of the 81 words embedded in the
carrier phrase yielded 243 target vowel tokens per
participant. Fifty-nine tokens were excluded from the
analysis due to mispronunciations or recording errors,
resulting in a total of 913 tokens.
2.4 Acoustic analysis

Vowels were segmented using synchronized
waveform and spectrographic displays in Praat [6].
Formant trajectories as well as intensity displays were
taken as indicators of vowel onsets and offsets. Vowel
formant measurements (f0, F1, F2) were
automatically extracted at the center of the vowel
steady-state period. Formant tracks were calculated
with the Burg algorithm as implemented in the Praat
program. The effective window length for the
calculation was set at 25 ms and was maintained

across tokens and speakers. The maximum number of
formants to be located by the formant tracker was
always five, and the ceiling was set at 5.0 kHz for
males and 5.5 kHz for females. These gender-specific
formant ceilings reflect the different average vocal
tract lengths of men versus women and were deemed
appropriate after visual inspection of the sound files.
Formant values were extracted, analyzed, and plotted
in Hertz (Hz).

3 RESULTS
Figure 1 shows four vowel plots of F1 (y axis) and F2
values (x axis) at the vowel midpoint for the nine
Hñäñho oral vowels, as produced by the four
participants. Mean F1 and F2 values are plotted as
vowel labels, around which a standard-deviation
ellipsis is drawn (±1 SD). The plots were generated in
R [21] using the ggplot2 package [27].

Figure 1: Nine Hñäñho oral vowels plotted by F1(Hz) and F2(Hz), as produced by four native speakers.
Participant 1 (male)

Participant 2 (female)

Participant 3 (male)

Participant 4 (female)

After visual inspection of the four vowel plots, it
seems clear that the 9 Hñäñho oral vowels are distinct
phonemes since they appear to be spectrally
differentiated (the ellipses show none or minimal
overlap). However, there seems to be considerable
variability between the four Hñäñho native speakers
in the organization of the vowel space, especially
concerning back and central vowels. Therefore, a
one-way ANOVA with VOWEL as the independent
variable and F1 and F2 as dependent variables was
performed for each participant separately. This type

of analysis has been previously performed on the
vowel data of other underdescribed languages, such
as Roper Kriol [8].
Table 2 shows p values of Tukey-corrected
post-hoc comparisons of all possible vowel pairs.
These results confirm the impressionistic
interpretation of the data, since each vowel pair
comparison was significantly different (p<0.05) at
least in one of the two dimensions of the vowel space
(F1: vowel height; F2: vowel frontness/backness) in
the vowel production of all four participants.
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Table 2: Tukey-corrected p values of post-hoc comparisons of F1 (bottom-left triangle) and F2 (top-right triangle)
of Hñäñho oral vowels, as produced by four native speakers. Non-significant cells are highlighted in grey.
i
i
ɨ
e
ɘ
ɛ
a
ɔ
o
u

i
ɨ
e
ɘ
ɛ
a
ɔ
o
u

Participant 1
ɘ
ɛ
a

ɨ

e

<.001

0.999

<.001

<.001

<.001

ɔ

o

u

<.001

<.001

<.001

<.001

<.001

<.001

0.068

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.007

<.001

<.001

<.001

<.001

0.037

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.055

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.988

0.347

<.001

<.001

<.001

<.001

i

ɨ

e

ɔ

o

u

<.001

<.001

<.001

<.001

0.038

Participant 3
ɘ
ɛ
a
<.001

<.001

<.001

<.001

<.001

0.013

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.031

<.001

<.001

0.030

<.001

<.001

<.001

<.001

<.001

<.001

1.000

<.001

<.001

<.001

<.001

<.001

0.209

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.992

0.018

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

i
ɨ
e
ɘ
ɛ
a
ɔ
o
u

<.001

<.001

<.001

i

i
ɨ
e
ɘ
ɛ
a
ɔ
o
u

<.001
0.009

4 DISCUSSION AND CONCLUSIONS
The
present
study
provides
the
first
instrumentally-based description of the vowel system
of Otomi (Hñäñho) from Santiago Mexquititlán,
Mexico. The acoustic analyses reveal that all nine
Hñäñho oral vowels, impressionistically transcribed
in previous phonological descriptions of this Otomi
variety [11, 14, 15], are indeed produced as distinct
phonemic categories by Hñäñho native speakers.
Even though the four native speakers of Hñäñho
who participated in this study moved away from
Santiago Mexquititlán, where Hñäñho is spoken, to a
Spanish-dominant urban environment several
decades ago, and despite the fact that they reported
using almost twice as much Spanish as Hñäñho on a
daily basis, no evidence for mergers due to this
language contact was found in their production.
Therefore, we assume the phonemic distinctions
between all nine Hñäñho oral vowels are robust and
maintained in the vowel system of these speakers.
These 9 Hñäñho oral vowel phonemes can be
phonologically stylized into a highly-symmetrical
vowel system with three contrasting heights, with 3
high vowels /i/, /ɨ/, and /u/; 3 mid vowels /e/, /ɘ/, and
/o/; and 3 low vowels /ɛ/, /a/, and /ɔ/, as in previous
descriptions of Otomi vowel systems [2, 3, 4, 5, 17,
23]. However, surface manifestations of these
systems might require the phoneme /a/ to be placed a
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ɨ

e

<.001

<.001

<.001

<.001

Participant 2
ɘ
ɛ
a

ɔ

o

u

<.001

<.001

<.001

<.001

<.001

0.046

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

1.000

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.067
<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.499

0.028

<.001

<.001

<.001

<.001

1.000

<.001

<.001

<.001

<.001

<.001

i

ɨ

e

ɔ

o

u

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.995

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.052

0.020

Participant 4
ɘ
ɛ
a

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

<.001

0.084

<.001

<.001

<.001

0.988

<.001

<.001

<.001

<.001

0.055

1.000

<.001

<.001

<.001

<.001

<.001

0.209
<.001

0.004
<.001

step lower than /ɛ/ and /ɔ/ [23], yielding the Hñäñho
oral vowel system shown in Table 1 [11, 14, 15].
The acoustic data show that some Hñäñho
speakers produced a fronted /u/, as previously also
noted in Acazulco Otomi [25]. Moreover, our data
also suggest that the vowel /ɔ/ might be phonetically
realized lower than [ɔ]. A similar phenomenon was
previously reported for Hñöñhö (another Querétaro
Otomi variety), suggesting [ɒ] as the phonetic
realization of the phoneme /ɔ/ [20]. This could be a
common characteristic of Querétaro Otomi varieties,
pointing to a possible future phonemic merger /ɔ/-/a/,
already observed in some Otomi varieties [9].
In conclusion, the acoustic description of Hñäñho
oral vowels provides novel data on an endangered and
understudied Mexican language. Such information is
essential for future experiments on vowel perception
and production in Hñäñho speakers, which will
contribute to the growing body of studies on
cross-linguistic influence in the context of Mexican
indigenous bilingualism.
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/ɔ/ and /o/, the nasal quality of the vowel /ã/ may be
sufficient for it to be distinguished from the oral vowels.
This, however, should be analyzed in future studies.
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ABSTRACT
English is an institutionalised second language in India used by at least 23% of the population. In a process common to postcolonial Englishes, it is undergoing a process of standardisation that has not yet led to
codification but has given rise to identifiable prestige
varieties. Addressing the ongoing debate over
whether the /v/-/w/ contrast is maintained in this prestige variety, this study analyses the speech of 20
speakers of Indian and 10 of British English with regard to their production of /v/ and /w/.
The acoustic analysis, based on spectral centroid,
F2 and F3, reveals, for Indian English, (1) no difference in spectral centroid and (2) a small difference in
F2 and F3, which is associated with slightly more pronounced lip rounding and velar constriction in /w/
than in /v/. This difference might be too small for reliable perception, especially in comparison with the
British control group, where the phonemes differ
markedly in spectral centroid, F2 and F3.
Keywords: Indian English, postcolonial Englishes,
bilabial consonants, spectral centroid, standardisation
1. INTRODUCTION
While the sociophonetic study of vowels is widespread, there is comparatively little work on variation
in consonants [33]. The present analysis addresses
this gap by focussing on the sounds transcribed phonemically as /v/ and /w/, which are a labio-dental fricative and a labio-velar approximant, respectively, in
British English (BrE). The study (1) determines
which acoustic cues distinguish /v/-/w/ in BrE and (2)
whether these cues also distinguish /v/-/w/ in Indian
English (IndE).
The /v/-/w/ contrast is a particularly interesting
case because it presumably relies on several acoustic
cues. The identity of these cues and how they are influenced by phonological context is not well understood for either IndE or BrE, although previous research on other languages as well as American English suggests that acoustic correlates of lip-rounding
and frication might play an important role [7, 27, 32].
In IndE, the status of /v/-/w/ is disputed and some argue that it has undergone a merger [30].
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IndE is a postcolonial variety of English that has
its roots in the colonial rule of the British Empire over
India. Despite post-independence attempts to reduce
the local importance of English, it continues to be
widely used as a Lingua Franca in this multilingual
country and enjoys an important role in government,
administration, the courts, the economy and education. As is the case with many postcolonial Englishes,
IndE is not spoken by all Indians. Around 23 % of the
population have at least basic knowledge of English
and 4 % are fluent [11], which suggests that there
were around 50 million fluent speakers at the time of
the 2010 census and very likely even more today.
A catch-all term such as IndE obscures the considerable variation that exists along variables such as education, age of acquisition of English and first language [15, 19]. However, it is possible to identify a
subvariety of IndE that locally enjoys overt prestige
and is used in education and presented as a target for
students to strive towards [5, 15].
While this nascent standard IndE still lacks full official recognition, it is the de facto standard taught in
schools and universities [23]. However, this standard
has not yet been fully codified, and in such a context
the kind of language used by educated speakers can
be used to determine what is considered acceptable
by the speech community [34].
The phonology of IndE differs in a number of respects from BrE [1, 12, 14-16, 19-21, 30], likely in
part due to historical transfer from Indian languages
[30]. In spite of phonological differences between Indian languages, the phonology of Educated IndE (as
opposed to basi- and mesolectal varieties) is relatively
homogeneous, regardless of the first languages (L1s)
used by particular speakers [30].
Moreover, IndE is an appropriate choice for a case
study into postcolonial Englishes. Compared to other
varieties, its phonology is relatively well studied
[acoustic studies include 12-16, 18-22, 31, 36], perhaps due to its large number of speakers and worldwide iconic and ambivalent language-ideological status [8]. Nevertheless, there is a lack of acoustic studies on IndE that take into account various first language (L1) and socio-economic backgrounds, rely on
a greater number of informants and take into account
at what age and where informants learned English
[30]. Particularly the acoustic realisation of complex
consonantal contrasts (defined here as involving

several acoustic dimensions) such as /v/-/w/ has not
been studied in detail, neither for IndE, nor to any
great extent in sociophonetics in general [33].
2. THE /v/-/w/ CONTRAST
2.1. The /v/-/w/ contrast in British English
The labio-dental fricative /v/ and the labio-velar approximant /w/ are distinct phonemes in BrE. Both /v/
and /w/ occur in syllable onsets, but only /v/ in codas.
The acoustic cues to this contrast in BrE have not
been investigated in detail.
However, research on other languages and American English suggests that there might be several
acoustic cues. As a fricative, /v/ has more frication
and more energy in higher frequencies than /w/,
which can be measured by the spectral centroid [7,
27]. For /w/, lip-rounding and the velar constriction
lower the second formant (F2). Lip-rounding also
lowers the third formant (F3), which is however
raised again by the velar constriction, so that /w/ has
an average F3 compared to vowels [32].
2.2. The /v/-/w/ contrast in Indian English
In IndE, /v/ and /w/ are widely considered to have
merged into a labio-dental approximant /ʋ/ [4, 8],
sometimes also described as a frictionless continuant
[5]. This generalisation might not account for sociolinguistic variation within IndE, as Sailaja [29] suggested that only non-standard varieties of IndE have
a complete merger. Standard (or educated) IndE, on
the other hand, was said to have a phonemic distinction between /v/ (realised as the labio-dental approximant [ʋ]) and /w/ (realised as [w]).
Empirical studies on the /v/-/w/ contrast in IndE
are rare and restricted to impressionistic evidence [10,
28, 36]. These studies indicate that (1) some speakers
might maintain the contrast, (2) that /w/ is commonly
realised as [ʋ] and (3) /v/ as [v]. This supports Sailaja's [29] contention that Educated IndE might not
have a /v/-/w/ merger. In order to resolve the debate,
more - in particular acoustic - research is needed to
determine the status of /v/ and /w/ in Educated IndE.
2.3. /v/ and /w/ in Indian languages
It is conceivable that IndE speakers' L1s have some
influence on how /v/ and /w/ are realised, as previous
studies found limited L1-based differences in the phonology of IndE, although L1-background turns out to
be much less important than sometimes assumed [31].
The linguistic landscape of India is diverse but also
shows many signs of convergence in a common linguistic area or sprachbund.
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The most widely spoken languages in Northern India are the Indo-Aryan languages Hindi and Bengali.
Dravidian languages are mostly spoken in the South,
with Telugu and Malayalam being the most widely
spoken languages of the largest subfamilies [17]. It is
these L1 backgrounds that the present study focusses
on. More than 50% of the population speak one of
these languages [9], which lack a phonemic /v/-/w/
contrast, and are described as having only a single bilabial approximant /ʋ/ [3, 6]. This would suggest that
L1-based differences are unlikely in the case of IndE
/v/-/w/. However, given (1) the contradictory reports
of the status of /v/-/w/ in IndE and (2) conjectures of
regional/L1-basd variation in /v/-/w/ realisation [35],
the present study will control for L1 background as a
potential confounding factor.
3. AIMS AND METHODS
3.1. Aims
Given the controversial status of the /v/-/w/ contrast
in Educated IndE, this study will provide an acoustic
analysis of these speech sounds in the read and spontaneous speech of 20 speakers of IndE as well as, for
comparison, 10 speakers of BrE. The following questions will be investigated:
1. What are the acoustic cues of /v/-/w/ in BrE?
2. Does Educated IndE have a phonemic distinction between /v/ and /w/?
3. Does phonological context (preceding/ following V or C) favour realisation of /w/ as
[w] or [v], and of /v/ as [w] or [v]?
4. Do speakers with different L1s differ in the
patterns described under (1) and (2)?
3.2. Data
Recordings of a text read by 10 speakers of Standard
Southern BrE (all male) and 20 speakers of IndE (11
male, 9 female) were used. In addition, spontaneous
data was collected in a semi-structured interview. The
BrE data was taken from the DyViS database [25],
and the IndE speakers were recorded reading the
same text. All speakers were university students at the
time of recording.
The IndE speakers (aged 20-28) were equally divided between four different L1 groups, i.e. Hindi,
Bengali, Telugu or Malayalam. With the exception of
one speaker each, they had exclusively attended English-medium schools and universities, and had not resided outside of India.
3.3. Methods
The present analysis is part of a larger project that
studies the acoustic properties of /v/ and /w/ in all

Figure 1: Energy concentration in the spectrum (spectral centroid) of /v/ and /w/ in BrE and four IndE L1
backgrounds (Bengali, Hindi, Malayalam, Telugu) in
post-consonantal and post-vocalic position.

Figure 2: Lip-rounding and velar constriction (normalised F2) of /v/ and /w/ in BrE and four IndE L1 backgrounds (Bengali, Hindi, Malayalam, Telugu) in postconsonantal and post-vocalic position.

positions in BrE and IndE. Here, only results for syllable onsets are reported. The analysis distinguishes
between post-consonantal and -vocalic contexts.
In total, 1,115 occurrences of /v/ and 1,642 of /w/
in the reading task, and 664 occurrences of /v/ and
1,358 of /w/ in the spontaneous condition were analysed. In order to normalise formant measurements
for individual speakers, 11,613 /i/, 8,778 /u/, 5,364
/m/ occurrences were analysed.
The following acoustic criteria were used to determine where on a scale between a labio-velar approximant [w] and a labio-dental fricative [v] an individual /w/ or /v/ token is situated:
(1) Spectral centroid above 1,500 Hz (SC): The
frequency with the highest intensity in the spectrum,
with a high value for [v] and a low value for [w]
(high-pass filtered at 1,500 Hz, with 100 Hz smoothing; cf. [7, 28]).
(2) Normalised second formant (F2n): The normalised frequency of the second formant as a measure
of lip-rounding and velar constriction, where a lower
F2n indicates more lip-rounding and a greater velar
constriction. As formants are only meaningful for
sonorants, this measure was only calculated for the
more sonorant part of the data, defined as those instances that have a spectral centroid typical of BrE
/w/. Normalisation for differences in vocal tract size
was achieved by calculating, for each /w/ and /v/ token, its relative difference with the grand mean of the
second formant of all /i/, /u/ and /m/ phonemes produced by that speaker:
𝑀𝐸𝐴𝑁_𝐹2 − 𝐹2(𝑤)
𝐹2𝑛 (𝑤) = −
𝑀𝐸𝐴𝑁_𝐹2
(where 𝐹2𝑛 (𝑤) is the normalised second formant of a phoneme, F2(w) is the acoustic second formant of a phoneme in Bark,
and MEAN_F2 is the grand mean of the second formant of all
/i,u,m/ phonemes uttered by the speaker in question)
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(3) Normalised third formant (F3n): The normalised frequency of the third formant as a measure
of lip-rounding and velar constriction, where a lower
F3n indicates the presence of lip-rounding without a
velar constriction. Computed in analogy to F2n.
After extracting these acoustic measures from the
recordings with a Praat script, mixed-effects models
were computed in R [26]. Dependent variables in the
analysis were acoustic measures (1)-(3). The independent variables that were considered are SPEAKING
STYLE (read vs. spont.) and PHONOLOGICAL CONTEXT/PHONEME (/v/ and /w/, prec./foll. context). For
the dependent variables SECONDFORMANT and
THIRDFORMANT, rounding of preceding and following vowels was additionally considered as an independent variable. SPEAKER and WORD were used as
random factors. In addition to these variables, regression models included either the independent variable
VARIETY (BrE/IndE) or L1 (BrE/L1 Bengali/L1
Hindi/L1 Malayalam/L1 Telugu), in order to determine which of these accounted better for the data.
Model selection was based on minimisation of the
Bayesian Information Criterion [2].
4. RESULTS
4.1. Energy concentration in the spectrum
(spectral centroid)
Overall, the results indicate that BrE has a significantly higher spectral centroid (SC) for /v/ than for
/w/, whereas this tends not to be the case for IndE.
After consonants (see Fig. 1, top row), /v/ has a significantly higher SC than /w/ in BrE (df=1593,
t=12.9, p<0.0001), whereas the difference is not significant in any of the IndE L1 groups. In the L1-Telugu and Malayalam groups, the size of the difference

is negligible, while it is slightly larger in the L1-Hindi
and Bengali groups. The differences between the L1
groups were not significant.
The post-vocalic context (see Fig. 1, bottom row)
reveals a slightly different pattern. In BrE, /v/ has a
somewhat higher SC than /w/, but the difference is
not significant. By contrast, in all IndE L1 groups, /v/
has an (insignificantly) lower SC than /w/ in this context.
Apart from the interaction discussed above, the
analysis also suggests an interaction between SPEAKING STYLE and L1. This interaction (which was included in the analysis as per the BIC criterion) did not
reveal any significant differences, suggesting that
there is no notable variation in speaking style.
In summary, the analysis of SC reveals that /v/ and
/w/ do not differ significantly in degree of frication in
IndE. By contrast, /v/ has more frication in BrE compared to /w/, but the difference is only significant in
post-consonantal position.
4.2. Lip-rounding and velar constriction (F2/F3)
This part of the analysis was restricted to approximant-like occurrences, defined as a low SC (see section 4.1). This criterion was met by 630 (99.7%) IndE
/w/ tokens, 321 (99.7%) BrE /w/ tokens, 997 (83.0%)
IndE /v/ tokens, and 300 (54.5%) BrE /v/ tokens. For
SECONDFORMANT, the independent variables PHONOLOGICAL CONTEXT/PHONEME (without rounding of
preceding or following vowels) and VARIETY, as well
as an interaction between them, were selected in the
final model.
Results reveal that both BrE and IndE speakers
produce /v/ with a higher F2n than /w/. In the postconsonantal context (see Fig. 2, top panel), /v/ has a
significantly higher F2n than /w/ in both BrE
(df=1151, t=5.3, p<0.0001) and IndE (df=1227,
t=5.2, p<0.0001). Next, in the post-vocalic context
(Fig. 2, bottom panel), BrE /v/ has a significantly
higher F2n than BrE /w/ (df=1626, t=7.3, p<0.0001).
In IndE, the difference is significant, too, but much
smaller (df=1428, t=7.3, p<0.0001). Finally, speakers
of Hindi and Bengali have a slightly larger difference
in F2n between /v/ and /w/, compared to the two other
L1-backgrounds, but these L1-based differences are
not significant.
Broadly, IndE /v/ and /w/ are intermediate in F2
between BrE /v/ and /w/; median values for IndE /v/
are lower than for BrE /v/, and median values for IndE
/w/ are higher than for BrE /w/, regardless of phonological context. This means that, notwithstanding significant differences between IndE /v/ and /w/ in F2n,
the size of the difference between the two sounds is
much smaller in IndE than in BrE.
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For reasons of space, the results for F3n can only
be sketched out here. BrE has a significantly lower
F3n for /w/ compared to /v/ after consonants and unrounded vowels, whereas the difference is not significant after rounded vowels. In IndE, the difference is
significant after consonants, but not after vowels, regardless of roundedness. Even where the difference is
significant, it is much smaller in IndE than in BrE.
5. DISCUSSION AND CONCLUSION
This aim of this paper was to present a sociophonetic
analysis of the /v/-/w/ contrast in IndE, subsequent to
the determination of what acoustic cues are used in
BrE to distinguish these sounds. Results indicate that,
in BrE, /w/ is distinguished from /v/ by its nature as a
fricative (lower spectral centroid) and the presence of
lip-rounding and a velar constriction.
In IndE, similar acoustic cues are used and differences between /v/ and /w/ are statistically significant
in some phonological contexts. However, even where
they are, the difference is much smaller than in BrE,
and this result holds across the four L1 backgrounds
studied here. This adds to the existing evidence suggesting that L1-based variation in Educated IndE is,
where it exists at all, limited [19, 31]. L1-based variation within Educated IndE appears to be smaller than
differences between BrE and IndE as a whole.
The sound around which /v/ and /w/ converge in
Educated IndE appears to be best described as the labio-dental approximant [ʋ]. The amount of frication
involved in the production of IndE tokens intended as
/v/ is smaller than even in BrE productions of [w], let
alone [v], so that it must be described as an approximant on a phonetic level. Further, both instances intended as /v/ and /w/ in IndE appear to involve some
lip-rounding, especially in post-vocalic position, further confirming that [ʋ] might be an accurate phonetic
description of IndE /v/ and /w/. Contextual variation
in the form of different realisations of /v/ and /w/ following vowels and consonants seems to be caused at
least in part by coarticulatory effects in the form of
greater amounts of frication following consonants.
Overall, the results suggest that the /v/-/w/ contrast
might constitute a near-merger in IndE, a result that
would account for the conflicting views present in the
literature. In order to confirm this conclusion, in future work the author will (1) widen the acoustic basis
of the analysis with a further measure of ‘fricativeness’ (Zero Crossing Rate) and (2) employ Support
Vector Machines to model, and perception experiments to study, whether the acoustic cues used by
speakers of IndE in the production of /v/ and /w/ permit reliable perception of the contrast.

6. REFERENCES
[1] Agnihotri, R. K., Sahgal, A. 1985. Is Indian English
retroflexed and r-full? Indian Journal of Applied
Linguistics 11.1, 97–108.
[2] Akaike, H. 1980. Likelihood & the Bayes procedure.
Trabajos de Estadistica y de Investigacion Operativa
31.1, 143-166.
[3] Asher, R., Kumari, T. 1997. Malayalam. Abingdon:
Routledge.
[4] Bansal, R. K. 1976. Intelligibility of Indian English.
Hyderabad: Central Institute of English & Foreign
Languages.
[5] Bansal, R.K., Harrison, J. B. 1994[1972]. Spoken
English. A manual of speech and phonetics. London:
Sangam.
[6] Bhattacharya, T. 2001. Bangla. In: Garry, J., Rubino,
Carl (eds.), Facts about the World's Languages. An
Encyclopedia of the World's Major Languages, Past
& Present. New York/Dublin: Wilson, 65-71.
[7] Bjorndahl, C. 2012. The phonology & phonetics of
ambiguity: A case study of /v/. Poster presented at
LabPhon 2012, Stuttgart.
[8] Chand, V. 2009. [v] at is going on? Local & global
ideologies about Indian English. Language in Society
38.4, 393-419.
[9] Chandramouli, C. 2011. Census of India 2011. Provisional Population Totals. New Delhi: Government of
India
[10] Cowie, C., Murty, L. 2010. Researching & understanding accent shifts in Indian call centre agents. In:
Forey, G., Lockwood, J. (eds), Globalization, Communication & the Workplace. London: Continuum, 125146.
[11] Desai, S.B., Dubey, A., Joshi, B. L., Sen, M., Shariff,
A., Vanneman, R. 2010. Human Development in India. Oxford: Oxford University Press.
[12] Fuchs, R. 2014. Integrating variability in loudness and
duration in a multidimensional model of speech
rhythm: Evidence from indian english and british English. In: Campbell, N., Gibbon, D., Hirst, D. (eds),
Proceedings of Speech Prosody 7 Dublin, 290–294.
[13] Fuchs, R. 2014b. Towards a perceptual model of
speech rhythm: Integrating the influence of f0 on perceived duration. In: Li, H., Meng, H., Ma, B., Chng,E.,
Xie, L. (eds), Proceedings of Interspeech 2014, 19491953.
[14] Fuchs, R. 2015. You’re not from around here, are you?
- a dialect discrimination experiment with speakers of
british and Indian English. In: Delais-Roussarie, E.,
Avanzi, M., Herment, S. (eds), Prosody and Language in Contact: L2 Acquisition, Attrition and Languages in Multilingual Situations. Berlin: Springer,
121–146.
[15] Fuchs, R. 2016. Speech rhythm in Varieties of English.
Evidence from Educated Indian English & British
English. Berlin: Springer.
[16] Fuchs, R., Maxwell, O. 2015. The Placement & acoustic realisation of primary & secondary stress in Indian
English. Proceedings of ICPhS Glasgow, UK.
[17] Krishnamurti, J. 2003. The Dravidian languages.
Cambridge: Cambridge University Press.

1386

[18] Krivokapić, J. 2013. Rhythm & convergence between
speakers of American & Indian English. Laboratory
Phonology 4.1, 39–65.
[19] Maxwell, O. 2014. The Intonational Phonology of Indian English. An Autosegmental-Metrical Analysis
Based on Bengali & Kannada English. PhD thesis.
University of Melbourne.
[20] Maxwell, O. and Fletcher, J. 2009. Acoustic and durational properties of indian english vowels. World Englishes 28.1, 52–69.
[21] Maxwell, O., Fletcher, J. 2010. The acoustic characteristics of diphthongs in Indian English. World Englishes 29.1, 27–44.
[22] Moon, R. 2002. A Comparison of the Acoustic Correlates of Focus in Indian English & American English.
MA thesis. University of Florida.
[23] Mukherjee, J. 2007. Steady states in the evolution of
new englishes: Present-day indian english as an equilibrium. Journal of English Linguistics 35.2, 157–187.
[24] Nearey, T. 1977. Phonetic Feature Systems for Vowels. Dissertation. University of Alberta.
[25] Nolan, F., McDougall, K., de Jong, G., Hudson, T.
2006. A forensic phonetic study of dynamic sources of
variability in speech: The dyvis project. In: Warren, P.,
Watson, C. (eds), Proceedings of the 11th Australasian
International Conference on Speech Science and
Technology,13–18.
[26] R Core Team. 2013. R: A language & environment for
statistical computing. R Foundation for Statistical
Computing, Vienna, Austria. http://www.R-project.org/
[27] Ruinskiy, D., Dadush, N., Lavner, Y. 2010. Spectral
& textural feature-based system for automatic detection of fricatives & affricates. Proceedings Electrical
& Electronics Engineers in Israel (IEEEI).
[28] Sahgal, A., Agnihotri, R. 1988. Indian English phonology: A sociolinguistic perspective. English WorldWide 9.1, 51–64.
[29] Sailaja, P. 2009. Indian English. Edinburgh: Edinburgh University Press.
[30] Sailaja, P. 2012. Indian English: Features & sociolinguistic aspects. Language & Linguistics Compass
6.6, 359–370.
[31] Sirsa, H., Redford, M. A. 2013. The effects of native
language on indian english sounds and timing patterns. Journal of Phonetics 41.6, 393–406.
[32] Stevens, K. 2000. Acoustic Phonetics. Cambridge/London: MIT Press.
[33] Thomas, E. 2010. Sociophonetics: an introduction.
London: Palgrave Macmillan.
[34] Trudgill, P. 1999. Standard English: What it isn’t. In:
Bex, T., Watts, R. J. (eds), Standard English: The Widening Debate. London: Routledge, 177–128.
[35] Trudgill, P., Hannah, J. 2002. International English. A
guide to varieties of Standard English. London: Arnold.
[36] Wiltshire, C. 2005. The "Indian English" of TibetoBurman language speakers. English World-Wide 26.3,
275-300.
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ABSTRACT
This paper presents a sociophonetic study of initial
cluster simplification (k(h)w-/k(h)-/) in Ho Ne
language, a critically endangered Hmong-Mienic
language spoken in southern China that has been
undergoing a dramatic restructuring in its phonological
system. All community members are at least bilinguals
in Hakka and Ho Ne. Based on ethnographic fieldwork,
this paper draws data from speakers of four generations
and of both ethnic Ho Ne and women who married into
the community(n=42). The findings suggest that the
onglide /w/ in /k(h)w-/ almost disappeared among the
youngest generation. The predominant Hakka-speaking
in-marrying women (who are also the primary
caretakers of their children) not only are initiators of this
change but also played an essential role in passing down
the innovative variant to their offspring. However,
among these in-marrying women, those who are more
culturally identified with Ho Ne seem to be resisting this
trend.
Keywords: (Peripheral) multilingualism; Variation in
endangered languages; SLSCs; Ho Ne (She), China
1. RESEARCHING VARIATION IN SMALL
LANGUAGES AND SMALL COMMUNITIES
Endangered languages are usually underdocumented,
and the lack of solid baseline studies has hindered
outsider researchers from studying variation in these
languages. However, doing variationist study in tandem
with grammar-orientated documentation in these small
languages and
small
communities
(SLSCs)
[1][6][9][11][13] is a necessary task, since we might
miss the best timing for conducting variationist study if
we keep waiting for a solid baseline grammar.
Moreover, the implementation of the variationist
paradigm requires surveying more than just NORM
(non-mobile, older, rural male) speakers [2]; this may
help expand our sampling of the language under study
to a fuller spectrum and bring our documentation closer
to the linguistic reality. Meanwhile, it is also a
challenging job to locate the most locally relevant social
factors.
Taking Ho Ne as a case study and focusing on the
initial simplification variable, this paper was set to
demonstrate how an ethnography-informed variationist
study could help outsider researchers to approach
variation in SLSCs. The empirical ramifications of the
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variationist research paradigm in SLSCs may lend sights
into both contact linguistics and sociolinguistics.
2. BACKGROUND ON HO NE
2.1. The Ho No Communities in Guangdong
Ho Ne (ISO 639-3 shx) is a little-studied critically
endangered language Hmongic [12] language spoken in
rural areas of Guangdong Province in the People's
Republic of China with an estimated 1,000 speakers. [5]
is the first and to date the only sketch grammar of the
Ho Ne language. The four counties in which Ho Ne
speaker reside are Zengcheng (增 城) of Guangzhou
Municipality (广州市) and Boluo (博罗县), Huidong (
惠东县）in Huizhou Municipality as well as Haifeng (
海丰县）in Shanwei Municipality(汕尾市). In all four
counties, Ho Ne speakers are a minority and in contact
with Hakka, Cantonese, Hokkien, and Mandarin as well
as some other varieties of local patois, albeit to different
extents. Situated the Reform and Opening-up frontier
(i.e., the Pearl Delta Economic Zone 珠江三角洲), the
Ho Ne communities had been integrated to the national
economy in the past 40 years, which directly led to a
shift from the traditional swiddening to cash crops;
many peasants were transformed to migrant workers.
Meanwhile, intermarriage with Han Chinese women are
now the new marital norm replacing the traditional
pattern of endogacy.
2.2. The Linguistic Inventory of Boluo Ho Ne
Data for this paper was gathered in Boluo, Huizhou.
Based on my own field research, the last generation of
speakers who grew up speaking Ho Ne monolingually
before their adolescence was born in the 1970s. Today,
Boluo Ho Ne are almost all bilingual in Ho Ne and
Hakka. Some middle-aged and young Ho Ne picked up
Cantonese as a work-related language. Younger
speakers in their twenties or early thirties are almost
fluent Mandarin speakers. Most of the school-age Ho Ne
have shifted to monolingual speakers of Mandarin or
bilingual speakers of Hakka and Mandarin.
2.3. "It does pay to speak Ho Ne."
Endogamy was common among the older generations
(speakers born before the 1970s). The youngest couple
of endogamy in Boluo Ho Ne commune was in their
mid-forties; in contrast, the majority of their cohorts
married Hakka-speaking women from neighbouring

villages. Currently, most first (oldest) generation inmarrying women who were born in the 1930s to 1940s
are both fluent speakers and active users of Ho Ne. The
same could be said to the second or the grandmothergeneration in-marrying women. Language choice began
diversifying drastically among third generation
mothers(wives). Some reported having picked up Ho Ne
as soon as they married into the village and were also
the ones who taught their children the Ho Ne language.
Some learned enough Ho Ne to communicate or
understand but were reluctant to use it anywhere. More
than half of the 3rd-generation speakers never learned
Ho Ne because they believed that Ho Ne is either
"useless" or "too hard" to learn.
3. UNCOVERING THE VARIABLE
The current study focused on the simplification of the
Ho Ne initial /k(h)w-/. To my best knowledge, this
variable was not mentioned in any published materials
on the Ho Ne language; rather, it is a variable uncovered
gradually during the author’s ethnographic fieldwork. I
noticed earlier on during my fieldwork at the local
village school that the labiovelar /-w-/ in initial clusters
/kw-/ and /khw-/ was omitted in most school-age
children’s speech. And it is not consistent with what was
documented in the sketch grammar [10] published in the
1980s.
Also worth mentioning was that this change only
occurs in a restricted phonological environment:
between the velar stops ([k-] or [kh-]) and rimes
prefaced by low vowel [-a]. Tokens for this variable
were extracted from the following syllables: [kwa],
[kwan], [kwaŋ], [khwa], [khwan], and [khwaŋ].
Two questions that I explored in this study are: (1)
how do different members of different social categories
in the Ho Ne community produce this consonant
cluster? (2) who are the leaders of this change?

elicitation sessions were carried out by the author in Ho
Ne.
4.2. Data and coding
All the recordings used in analysis were made either at
speakers’ household or individuals’ workplace. 42
speakers (22 females, 18 males) of four generations
generated altogether 1080 tokens for the current study
and eight of them are not native Ho Ne speakers but
women who married into the village for at least fifteen
years by the time of the recording. Each token
containing the targeted variable was given a binary
coding, indicating whether /-w-/ was deleted or present.
Thirteen independent variables included were 1).
Speaker ID; 2). age group (1-4); 3). gender; 4). ethnic
orientation index; 5). language use (i.e., how often Ho
Ne is used); 6). Ho Ne language proficiency; 7).
birthplace (i.e., village in which the speaker was born
and raised until adolescence); 8). ruralness index; 9).
occupation; 10). ethnicity; 11). sociopolitical impact
(i.e., whether one belong to a well-established clan; 12).
literary(education); 13). socioeconomic stratification.
5. ANALYSES AND RESULTS
5.1. Statistical analyses
The random forest model (mtry=5) [15] was applied to
sort the relative importance of all the independent
variables. The number of trees in the random forest was
set to 1000 to guarantee highly stable results (Figure 1).
Then the important predicators will again be used to
draw a conditional inference tree [16].
Figure 1: Variable importance ranking for [-w-]
deletion variable

4. DATA AND PROCEDURES
4.1. The Ho Ne Corpus
Data in this study come from a larger research project
on language documentation and variation in Ho Ne
language (the Western dialect). The entire corpus
contains recordings of over 200 hours of naturally
occurring conversations and 50 hours of field elicitation
and interview sessions targeting at specific phonetic
features. These recordings were made between 20142016 during the author extensive ethnographic
fieldwork in Boluo. All elicitation sessions were
recorded using a Zoom4n recorder with a Shure
overhead microphone at a sampling rate of 44,000 Hz.
Each interview lasts from forty minutes to three hours.
Tokens were extracted from naturally occurred
narratives or conversations for those older speakers who
suffered some degree of hearing loss. Most of the tokens
were collected from picture-prompted elicitation. All
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A red dashed line was added on the plot at the absolute
value of the lowest ranking predictor as well as a solid
green threshold line (the median point of variable
importance). Only the variables listed to the right of the
green line were then included in further analysis.
5.2. Results and interpretations
The two-step statistical analyses indicate that among the
tested social factors, ruralness, birthplace, ethnic

orientation, age, language use, and language proficiency
made into the second round of analysis. These factors
were later included to make conditional inference tree
(Figure 2).
5.1.1. Age
The youngest generation shows a stronger tendency of
favouring cluster simplification [-w-] (p<.001). Some
exceptions among this fourth generation were also
observed: those who were born and raised in the
innermost village and are more oriented to Ho Ne
culture tend to preserve the cluster.
5.1.2. Birthplace
The birthplace variable was coded in five levels, namly
the 2k village, the 3K village, 5K village, and the Old
Ho Ne habitat, and outside of the village. 5K is the
innermost village where the densest social network
could be found, while 2K being the outermost village.
The highest percentage of endogamy is also found in
5K. Among the three older age groups (generation 1-3),
birthplace was found to be relevant. The results suggest
that those who were born and raised outside of the Ho
Ne village tend to simplify the cluster (p<.001).
The birthplace factor also interacts with the age
factor. Those second-generation speakers who were
born and raised outside of the village (i.e., in-marrying
women) tend to delete [-w-]. One caveat here is about
how this birthplace should be interpreted. According to
the current analysis, the most significant division based
on the birthplace variable was between the “outsider”

versus the “insider.” Given that all ethnic Ho Ne were
born and raised inside one of the sub-villages, the
“outsider” speakers in this dataset are exactly the eight
in-marrying women. The detailed discussion regarding
the interaction among the gender, ethnicity, and age
factors will be given in section 6.
5.1.3. Language use
Language use variable concerns how often individuals
use Ho Ne in everyday life. Among the ethnic Ho Ne,
those who were not born in the innermost 5K village and
used Ho Ne less frequently tend to delete [-w-]. The
interaction effect between language use and age
indicates that the oldest generation who use Ho Ne less
frequently may also choose to delete [-w-].
5.1.4. Ethnic orientation
Ethnic orientation (EO) functions as a proxy for ethnic
(culture) integration [6]. Individuals with a high EO
index score were likely to either possess knowledge of
or have actively participated in some traditional Ho Ne
activities, i.e., hunting, foraging, etc.). EO factor only
emerges when interacting with other factors. For
example, those fourth-generation speakers who were
born and raised in the innermost 5K village and obtained
a higher EO index score tend to produce more consonant
cluster. In the meantime, while the second-generation
outsider speakers prefer the simplified variant, only
speakers those who use Ho Ne less frequently and
obtained a lower EO index score prefer the simplified
initials among the third generation,

Figure 2: Conditional inference tree for [-w-] deletion
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6. DISCUSSIONS: GENDER, LOCALE, AND
ETHNICITY
The results in section 5 indicate that initial
simplification is strongly preferred by two groups of
speakers: the youngest generation and non-native
speakers (i.e., in-marrying women). Then our question
became: who initiated this change? Figure 3 shows that
these eight speakers’ choices are almost categorical.
But not all in-marrying categorically prefer the
simplified variant. How could we explain the internal
variability among the in-marrying women? A closer
look at the individual’s personal history could better
assist us in unveiling this mystery.
Figure 3: Tokens and percentage of [-w-]
retention and deletion by the eight in-marrying
women
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score (97.5%) on the vocabulary test (performed to
evaluate non-native speakers’ Ho Ne proficiency).
In today’s Ho Ne community, children still received
most of their input of Ho Ne from their care-takers
during their early childhood. In an exogamous family, if
the mother acquires Ho Ne and is willing to use it as a
family language, she is more likely to play a
predominate role in her children’s acquisition of Ho Ne.
In other words, children might learn Ho Ne language
primarily from their non-native Ho Ne-speaking
mothers. Consequently, children may carry their
mothers’ accent. Therefore, if we exclude the two-nonnative speaker of Hakka (HN020, HN021) and the nearnative speakers of Ho Ne (HN038, HN042), those four
Hakka-speaking wives cross all three generations (most
Gen4 speakers are not married yet) behave consistently
and tend to simplify the initial cluster. This lends
evidence for us to the paint the following picture: (1) the
cluster simplification could be initiated by native
Hakka-speaking in-marrying women; (2) in-marrying
women who are fluent in Ho Ne who could also be
responsible for the transmission this variant to the next
generation. The fact that neither of the two local Hakka
varieties allows initial cluster [4] further support that
Hakka-speaking in-marrying women are leaders of the
change.
7. DISCUSSION AND CONCLUSIONS

Speaker HN008, HN019, HN034, and HN036 represent
Hakka-speaking in-marrying women of all three
generations. Compared to the other four in-marrying
women, these four Hakka native speakers show
preference of the simplified variant. What set HN020
and HN021 apart from was their language background
and place of origin. Both HN020 and HN021 came from
Guangxi where Hakka is not a common language. When
they married into the community, Ho Ne was learned
with little Hakka influence. As for HN038 and HN042,
although they were married into the village, they both
started speaking Ho Ne before their adolescence.
HN038 moved in the current Ho Ne village when she
was only nine years old. HN042 was born to a Ho Ne
mother. But after her Han father diseased, her mother
married back into the 5K village to a Ho Ne man. To
some extent, they linguistic behaviours are similar to
their Ho Ne cohorts. Therefore, it is interesting to
compare patterns observed in HN038 and HN042’s data
with their Hakka-speaking cohort HN036—a “true” inmarrying woman and a fluent speaker of Ho Ne.
Speaker HN036 married into the village she was 24year-old. Even after almost 50 years living in the Ho Ne
village, she tends to simplify the cluster. It is also worth
noting that speaker HN036 obtained an nearly perfect
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The current study is yet another manifestation
quantitative variationist paradigm in SLSCs [1][13][14]
in a contact-induced change [5] [7] [8] [17]. It
demonstrates how a variationist study in SLSCs could
benefit from ethnography-based fieldwork in all its
research stages: from establishing a variable to sorting
out the relevant social factors, and interpreting the
results. The findings show that the k(h)w-k(h) variable
is an innovation led by the Hakka-speaking in-marrying
women who acquired Ho Ne as a second language
regardless of their age groups. In contrast, in-marrying
women who were not Hakka native speakers do not
participate in this change. Lastly, the influence of Hakka
in-marrying women magnified among the second and
the third generation as they became the majority of Ho
Ne men’s spouses; those fluent speakers who are also
active users of Ho Ne are probably could be responsible
for propagating the simplified variant through passing it
down to the next generation. In future studies, more inmarrying women will be recruited to verify the current
findings. Language socialization study will also be
carried out to examine language transmission in Ho Ne
families and communities.
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ABSTRACT

acteristics of speech using artificially altered feedback [16, 17, 22, 24, 27]. Speakers often produce a
compensatory response by independently adjusting
their production of the perturbed feature [13, 27] to
oppose the acoustic perturbation, however, the cortical mechanisms supporting the integration of auditory feedback with motor planning are unknown.
Speech motor control models, such as the Directions Into Velocities of Articulators (DIVA) model
[9, 10, 11, 14], posit that stored motor programs
for common phoneme sequences are supported by
the left ventral premotor cortex (vPMC) and are integrated with compensatory responses in left ventral motor cortex (vMC) [25]. Correlational support
for this model comes from neuroimaging studies in
which neural activation in these regions is found during speech production [1, 8, 26], and is proportional
to speakers’ compensation for unexpected, intermittent, auditory feedback perturbations [2, 21].
The first aim of our study was to determine the
causal role of left vPMC/vMC in sensorimotor adaptation to auditory perturbation of speech. Participants underwent an established speech production
task with perturbed auditory feedback while we
measured the magnitude and rate of sensorimotor
adaptation reflected by changing speech acoustics.
To modulate neural function of left vPMC/vMC during the task, participants simultaneously received
transcranial direct current stimulation (tDCS)—a
noninvasive neurostimulation technique in which a
low current is applied over the scalp via electrodes
to induce small changes to the electric field in underlying cortex. The direction of current flow in tDCS
is believed to determine the effect of stimulation on
cortical function, with anodal stimulation increasing
neural excitability and cathodal stimulation decreasing excitability [6, 7, 19]. Additionally, tDCS is believed to modulate cortical plasticity, as its neuromodulatory effects can be measured for some time
after stimulation has ceased [19, 20, 23].
The second aim of this study was to ascertain how
tDCS affected cortical function for speech motor
adaptation using computational simulations of cortical functioning during speech production. Within

To maintain fluent speech production across time,
learned speech motor commands must be continuously updated using auditory feedback to help
speakers match their articulations to intended speech
acoustics.
However, the cortical mechanisms
responsible for sensorimotor adaptation during
speech remain unknown. Here, we investigated the
role of speech motor cortex in modifying stored
speech motor plans. In a within-subjects design,
participants underwent sham and anodal transcranial
direct current stimulation (tDCS) over speech motor cortex while speaking and receiving altered auditory feedback of the first formant. Anodal tDCS increased both the rate and magnitude of sensorimotor
compensation for feedback perturbation. Computational modeling of our results using the Directions
Into Velocities of Articulators (DIVA) framework
of speech production revealed that tDCS affected
speech motor cortex by increasing learning rate and
decreasing sensitivity to somatosensory feedback.
This study demonstrates a causal role for speech
motor cortex in integrating auditory feedback into
speech motor plans.
Keywords: speech production, tDCS, sensorimotor
adaptation, auditory feedback perturbation
1. INTRODUCTION
Rapid and fluent speech relies on learned motor
commands as well as the ability to adapt to changing conditions. Sensorimotor adaptation—learned
adjustments to motor commands due to sensory
feedback—serves an important role in preserving
the intelligibility of speech. The acoustics of contrastive speech categories depend on minuscule differences in articulatory positions that must be updated continuously during vocal tract ontogeny [12].
Auditory feedback provides the information necessary for modifying feedforward speech motor commands to counteract these physical changes.
Sensorimotor adaptation has been demonstrated
experimentally for several different auditory char-
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continued to receive feedback about the intensity
and duration of their speech during the experiment.
The Audapter software performed real-time analysis, replay, resynthesis, and recording of participants’ speech acoustics (F1 and F2) (Fig.1A).

the DIVA model, we identified several candidate
neurocomputational variables that could hypothetically be altered by anodal tDCS in our experiment. First, by increasing cortical excitation under tDCS, the auditory feedback control system
could elicit greater automatic feedback-based corrections, termed reflexive responses [3, 15]. Alternatively, tDCS could primarily act to increase plasticity within premotor cortices, thereby increasing
adaptive responses to perturbed auditory feedback.
Because the mechanisms through which tDCS modulates cortical function and thereby behavior are
largely unknown, computational models help clarify
the potential mechanism by which such neurostimulation affects cortical function.

Figure 1: Schematic of the (A) equipment setup
and (B) behavioral paradigm.
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Right-handed, native speakers of American English
free from speech, language, or hearing deficits completed this study (N = 18; 4 male, 14 female; age
18-28 years, M = 20.4 ± 2.1). Participants provided
written informed consent, approved and overseen by
the Institutional Review Board at Boston University,
and were paid for their participation.
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The behavioral paradigm consisted of four phases
(Fig.1B). The baseline phase consisted of 57 trials in
which participants spoke the target words and heard
their own, unperturbed speech as auditory feedback.
Next, during the ramp phase, real-time perturbation
of participants’ F1 was increased linearly from 10%
to 30% across three trials. During the shift phase,
which lasted for 60 trials, participants’ heard realtime auditory feedback perturbation of their own
speech in which F1 was increased by 30%. Finally,
during the 60 trials of the return phase, participants
again heard their own unperturbed speech.

2.2. Experimental Design and Procedures

Participants completed three separate sessions of the
experiment. Each session was separated from the
previous by at least 7 days to reduce the potential
for carry-over of learning across sessions. Because
not all speakers adapt to auditory perturbation [22],
participants completed an initial screening session
without tDCS to confirm the presence of sensorimotor adaptation. Participants were assigned to receive
either anodal or sham stimulation during their second session and the other during their third session.

2.2.2. tDCS stimulation
Neurostimulation was controlled and delivered using a Soterix MxN high-definition (HD) tDCS system. Stimulating electrodes (2 mA) were placed at
FC5 and C5, and return electrodes were placed at
AF7, FC1, C1, and P5, in a roughly center-surround
configuration [5, 18]. This montage was selected
to optimize field intensity and current flow over left
vPMC and vMC, though it is possible that adjacent
regions may have been stimulated due to variability
in subject anatomy and current spreading.
After insuring the resistance of each channel was
< 10 kΩ, anodal stimulation began with a 30-s linear ramp from 0 to 2 mA, with tonic 2 mA stimulation continuing for the remainder of the session
(~20 min). The procedure for sham stimulation was
the same, but after the 30-s ramp to 2 mA, stimulation was linearly decreased over 30 s back to 0

2.2.1. Behavioral paradigm
Each session was conducted in a sound-attenuated
chamber. Stimulus delivery, recording, and realtime resynthesis for auditory perturbation were controlled via the Audapter software [4] implemented in
MATLAB vR2014b (The Mathworks, Natick, MA).
Participants were prompted by the Audapter software to say aloud the words “bed,” “dead,” and
“head,” in a pseudorandom order. The paradigm
began with a brief training phase, in which participants received feedback to insure they were producing the words at a sufficient loudness (72-88
dB SPL) and duration (400-600 ms). Participants
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Here, F1AT and F1ST are the F1 values specified by
previously learned auditory and somatosensory targets, respectively, and F1 perceived is the value of F1
heard by the subject before feedback control mechanisms become active. In the simulations, F1AT and
F1ST are set to the average F1 of the baseline phase,
corresponding to the assumption that the auditory
and somatosensory targets will not change substantially over the course of the experiment. Eq.2 shows
that the feedback-based correction is proportional to
the perceived deviations from learned targets. Even
though it is only auditory feedback that is experimentally manipulated, the feedforward command
(F1FF ) is modified as compensatory gestures are
learned, thus introducing a deviation from the original somatosensory target. Eq.3 describes the trialby-trial updating of the feedforward command:

mA, where it remained throughout the behavioral
paradigm. This procedure effectively blinded participants to whether they were receiving anodal or
sham stimulation during the behavioral task, which
was begun 60 s after the onset of stimulation.
2.3. Statistical analysis

Vowel formant frequencies were isolated in recordings by analyzing 60% of the word’s duration beginning 10% after the onset of voicing. Outlier trials, in
which F1 deviated by more than two standard deviations from the mean value in the respective session
and phase, were excluded from the analysis (< 5%
of total trials). The number of F1 outliers did not
differ as function of condition. Participants’ F1 and
F2 measurements were then normalized proportionally to the mean F1 and F2 values obtained during
the baseline phase of each session.
Frequency measurements from sets of three trials (corresponding to one trial per stimulus word)
were averaged to form “blocks” for statistical analysis. We assessed whether participants’ motor compensation to auditory F1 perturbation during speech
production was affected by tDCS in a series of linear mixed-effects analyses. Corresponding analyses were run on F2 acoustics as a control, as auditory feedback of F2 was not perturbed. Models
were comprised of fixed factors for condition (anodal vs. sham tDCS), time (block number), and
session, as well as random intercepts for participants. Significance of main effects and interactions
was determined by adopting significance criterion of
α = 0.05, with p-values based on the Satterthwaite
approximation of the degrees of freedom.

(3) F1FF (n + 1) = F1FF (n) + λFF × ∆F1FB (n)
where λFF is a learning rate parameter for the feedforward command. In words, the feedforward command for the next trial is updated by adding a fraction of the feedback-based corrective command.
To fit the model to the data from the sham and
anodal tDCS conditions, a particle swarm optimization procedure was used to find optimized values of
the three free parameters of the model (αA , αS , and
λFF ) to fit the mean data for each block in each condition. The parameter estimates resulting from this
procedure were highly robust to initial conditions,
indicative of reaching the global minimum of the
root mean square error (RMSE) measure.
3. RESULTS

2.4. DIVA model simulations

3.1. Sensorimotor compensation under tDCS

Using a simplified version of the DIVA model [12,
14], we performed computer simulations to investigate which aspects of motor learning were responsible for changes in compensatory responses under
neurostimulation. Eq.1 defines F1 production on a
given trial (n) as:

In the first analysis, we tested the effect of condition (anodal vs. sham) to determine whether overall compensation magnitude differed under tDCS.
We observed an effect of condition, such that compensation was significantly greater during anodal
tDCS than during sham across the entire perturbation phase (Fig.2; β = 0.0122, t = −4.23, p = 2.7 ×
10−5 ). Speakers’ F1 during the latter half of the perturbation phase under anodal stimulation was 91.4%
± 4.5% that of the baseline, whereas under sham
stimulation it was 93.1± 5.0% of baseline. The corresponding analysis of F2 showed no effect of stimulation on this unperturbed feature (β = −0.0017,
t = 0.76, p = 0.45; anodal: 100.0% ± 2.2% of baseline; sham: 99.6% ± 2.0%).
In the second analysis, we tested the interaction
between time (block number) and condition (anodal

(1) F1 produced (n) = F1FF (n) + ∆F1FB (n)
where F1FF (n) is the feedforward, or learned component of the produced sound, and ∆F1FB (n) is
the feedback-based correction. This feedback-based
correction is composed of reflexive responses to unexpected auditory or somatosensory feedback, the
sizes of which are given by gain factors αA and αS
respectively:
(2)

∆F1FB (n) = αA × (F1AT − F1 perceived (n))
+αS × (F1ST − F1FF (n))
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Figure 2: Speech adaptation under perturbation
during anodal tDCS vs. sham. Shaded regions
indicate standard errors.

Figure 3: Model fits for anodal tDCS and sham.
Shaded regions indicate standard errors around the
mean behavioral data.

vs. sham) to determine whether there was a difference in the rate at which F1 compensatory responses
increased over the perturbation period as a function
of brain stimulation. A significant time × condition
interaction revealed that F1 compensatory responses
increased more rapidly under anodal stimulation
than sham (Fig.2; β = 0.0012, t = −2.49, p = 0.01).
We repeated our analyses to test the effect of session (2 or 3) on the overall compensation magnitude during the auditory feedback perturbation. In
an analysis including only session, there was a significant effect (β = 0.012, t = 4.09, p = 4.8×10−5 ),
showing less overall compensation in the third session, however an analysis including both condition
and session did not reveal any interaction, indicating
that repeatedly undergoing the behavioral paradigm
had an impact on compensation independent of the
stimulation manipulation.

4. DISCUSSION
In the current study, we have demonstrated a causal
role for premotor/motor cortex in the integration
of sensory feedback and feedforward motor plans
during speech production. When applying noninvasive neurostimulation to the left vPMC/vMC,
we observed both an increased magnitude and rate
of sensorimotor compensation in response to perturbed auditory feedback. Moreover, we found that
these effects were specific to F1—the perturbed
frequency—and did not generalize to F2, which further indicates a learning-specific effect, and not a
global disruption to speech-motor control.
Because the mechanisms by which tDCS affects
cortical activity are uncertain, we modeled compensatory responses under anodal tDCS and sham
stimulation using the DIVA model. We found that
the best-fit model indicated that the rate of feedforward learning was increased under anodal tDCS and
the somatosensory feedback gain was decreased.
Through computational modeling, we were able to
eliminate other possible cortical mechanisms that
may have been affected by tDCS, such as increased
sensitivity to auditory errors. This is not to say that
auditory acuity does not play a role in compensation, as has been shown in previous studies [27],
but that the areas we stimulated (left vPMC/vMC)
do not mediate auditory acuity and error detection,
and instead serve as a hub for the integration of
feedforward and feedback speech motor commands.
That the feedforward learning rate was modulated
during anodal stimulation suggests that these areas
must support, at some level, motor representations
of speech sounds that can be modified and stored for
later use.

3.2. DIVA model fits

The DIVA model fits to the two experimental conditions are provided in Fig.3. In both cases, the
model fit falls within the standard error of the sample
mean (sham: RMSE = 7.41 Hz, Pearson’s r = 0.94;
anodal tDCS: RMSE = 7.01 Hz; r = 0.96) for all
blocks except the ramp block and the block following cessation of feedback perturbation.
Whereas the value for the auditory feedback control gain is nearly the same for the two conditions
(αA = 0.17 in both), the somatosensory feedback
control gain decreased by 15% from αS = 0.39 during sham to 0.33 during anodal tDCS. The value of
the trial-to-trial feedforward command learning rate
increased by 13% under anodal tDCS (λFF = 0.71)
compared to sham (λFF = 0.63).
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ABSTRACT
Behavioural studies report
differences in
monolingual and bilingual infants’ non-native
lexical tone perception [1]. The current study
explored the degree to which infants’ linguistic
experiences alter their pitch processing along the
developmental
trajectory
using
electroencephalogram (EEG). Forty 5-6- and 11-12month monolingual and bilingual Australian infants
with no prior tone language exposure underwent a
passive oddball EEG task involving a contracted
Mandarin tone contrast. At 5-6 months, all infants
exhibited positive mismatch responses (MMR) to
the contrast. At 11-12 months, however, MMRs
were observed for bilingual infants only. Results
indicate early neural discrimination of lexical tones
even when the feature is absent from infants’ native
phonemic inventory, although such sensitivity was
immature [2]. Furthermore, while 11-12-month-old
monolingual infants lose sensitivity at perceptual
narrowing offset, bilingual infants’ displayed
immature neural responses. Implications of
differences in the neural signature between infants
from different language backgrounds are discussed.
Keywords: lexical tone, electroencephalography,
positive mismatch response, perceptual narrowing
1. INTRODUCTION
Neonates can detect and discriminate a wide range
of speech contrasts as well as faces of own and other
races/species [3,4]. Soon after birth, infants’ focus
shifts to contrasts relevant to their respective
environment. As a result, sensitivity to non-native
speech and unfamiliar races decreases. This process
is often referred to as perceptual narrowing (or
reorganization/attunement) [3].
Infants’ sensitivity to speech prosody is present
soon after birth [5]. Newborns and young infants
before 6 months of age discriminate words differing
in pitch irrespective of their language backgrounds
[6]. Nevertheless, many studies show that infants
who are learning tone languages maintain their
sensitivity to lexical tones [7] whereas sensitivity is
reduced to infants learning non-tone languages
typically at 9 months after birth [8,9].
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This developmental trajectory should be
considered as a general trend and is by no means
absolute. Cases not in line with perceptual narrowing
have also been reported. For instance, contrasts with
high relative acoustical salience (e.g., Mandarin
high-level vs. high-falling tones) can typically be
well discriminated by listeners regardless of their
language backgrounds, from infancy to adulthood
[10,11]. Hence, perceptual narrowing is viewed as
an “optimal” process with relatively flexible
onset/offset time windows and is subject to other
factors such as acoustic properties of the contrast.
Having said that, the majority of findings from
previous studies illustrate that nurture plays a key
role in perceptual narrowing.
A natural follow-up question is whether infants
learning two languages have a different speech
perceptual narrowing trajectory from their
monolingual peers, given more condensed
information in their ambient environment. Previous
experimental studies addressing this question report
mixed findings. Some show equal developmental
pace between monolingual and bilingual infants [1216], whereas others have found temporary delays
[17,18] possibly due to the increased complexity in
bilingual contexts.
A third pattern exists in previous literature:
bilingual infants display earlier or more enhanced
perceptual sensitivity to some native [19] and nonnative [20,21] languages and speech contrasts than
their monolingual peers. In the prosodic domain,
Dutch bilingual but not monolingual infants were
able to discriminate a non-native lexical tone
contrast at 11-14 months [1]. Such flexibility
appears to extend to bilinguals’ learning of nonnative words contrasted in certain tones [22]. It has
been hypothesized that systematic bilingual
exposure may equip infants with some early
characteristics such as enhanced cognitive abilities
[23-26] and heightened sensitivity to auditory
information [27-29], although further studies are
needed to verify these claims.
Behavioural evidence and mixed findings leave
the nature of tone perception largely unclear. The
research questions of the current experiment are:
How do infants process non-native tones? Do
infants’
(multilingual)
language
experience
influences tone processing? The present study used
the event-related potential (ERP) component

mismatch negativity (MMN) as a measure of
discrimination. MMN is generated when a stimulus
violates the invariance or regularity in the recent
auditory past. In infants and young children, the
MMN response has positive polarity and is referred
to as mismatch response (MMR). The MMR
response changes to adult-like MMN between 6
months and 2 years of age as a result of neural
maturation.
2. METHODS
To understand the effect of infants’ linguistic
experience on their non-native speech processing
along the developmental trajectory, the current
experiment adopted a 2 (age) by 2 (language
background) design and tested infants’ pitch
processing using MMN/MMR.
2.1. Participants

The current sample consisted of 40 full-term,
typically developing Australian infants evenly split
across two age groups (5-6 vs. 11-12 months) and
two language backgrounds (monolingual vs.
bilingual). 24 additional infants were tested but their
data was rejected due to cap rejection, fussiness
during the experiment, or less than 50 good trials in
any experimental conditions (see section 2.3.3). No
infants had prior systematic exposure to a tone or a
pitch-accent language. Their music experience was
also comparable. The degree of exposure to the nondominant language was higher than 20% for
bilingual infants as measured by Multilingual Infant
Language Questionnaire [30]. Participating families
provided their written consent prior to the
experiment. The Human Research Ethics Committee
of Western Sydney University approved the study
protocol.
2.2. Stimuli

The Mandarin Chinese high level-high falling (T1T4) tone contrast was selected to create the stimuli
with /ta/ as the tone-bearing syllable. /taT1/ ‘build’
and /taT4/ ‘big’ are both legal words. Tone-bearing
Figure 1: Pitch contours of the contracted T1-T4
[B] contrast derived from T1-T4 [A]. (Source
from: [1,3])

syllable stimuli were recorded using the open source
program Audacity® in a sound-proof booth in
Utrecht University Phonetics Lab by a Chinese
female speaker (Figure 1, contrast A). As contrast A
was salient across listeners from non-tone language
backgrounds [10,11], an acoustically contracted
contrast was created from /taT1/-/taT4/ by
manipulating the fundamental frequency (F0)
direction via software PRAAT [31]. Four
interpolation points were introduced along the pitch
contours at 0%, 33%, 67% and 100% locations. The
F0 values occurring at 3/8 and 3/4 of the pitch
distance of contrast A were calculated at these
interpolation points, and two new pitch contours
were generated by linking these points (Figure 1,
contrast B). Contrast B shared the same acoustic
properties as contrast A except that it featured a
narrower distance between the pitch contours, thus
shrinking the perceptual distance and acoustic
salience between the two tokens. The duration of
both tones was shrunk to 200ms to fit the oddball
design. The stimuli sounded natural to native
Mandarin listeners and the stimuli duration fit the
actual tone production range. Neural sensitivity has
been reported to this contrast at 100ms duration [32].
2.3. Procedure

2.3.1. EEG Paradigm
The adjusted Contrast B was presented in a passive
oddball paradigm (Standard: contracted flat; deviant:
contracted falling). The standard/deviant probability
ratio was 80%/20%. There were 1000 stimuli in total
(800 standards and 200 deviant). The experiment
started with 10 repetitions of the standard stimulus
following which standards and deviants were
presented in a pseudo-random order where a
minimum of 2 and a maximum of 8 standards were
presented between the deviants. The stimuli were
presented with an interstimulus interval of 500ms at
a constant intensity of 70dB SPL. The deviant
stimuli in the oddball block (contracted flat) were
presented 200 times (without the intervening
standards) in a separate block as control stimuli. The
total duration of the experiment was 30 minutes.
2.3.2. EEG Recording
Infants sat on caregiver’s lap approximately 1m
away from an LCD screen and watched an ageappropriate video. The continuous EEG was
recorded using 129 channel Hydrocel Geodesic
Sensor Net (HCGSN), NetAmps 300 amplifier and
Netstation 5.1 software at a sampling rate of 1000Hz
with the reference electrode at Cz. Electrode
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impedances were kept below 50kΩ at the start of the
recording.
2.3.3. EEG Analysis
The EEG was analysed using Fieldtrip Toolbox [33]
in MATLAB 2017b. Channels in the outer three
rings of the HCGSN were removed from the
analysis. EEG was then band-pass filtered between
0.3-20Hz and divided into epochs between -100 and
600ms relative to sound onsets. Epochs were then
baseline corrected between -100 and 0ms. Noisy
channels and trial rejection were determined as
follows: If a trial has amplitudes exceeding ±100µV
at any time point in more than 20 channels, the trial
was rejected. If the number of bad channels was less
than 20, the trial was kept, and the channels with
amplitudes exceeding ±100µV were interpolated. If
a channel was noisy for more than 50% of the trials,
that channel was interpolated for all the trials.
Participants with less than 50 good trials in each
condition were excluded. EEG was then rereferenced to the average of the mastoids. Trials
were averaged separately for deviant and control to
get the ERP waves. Difference waves were
computed by subtracting the ERP for the control
from the deviant. In this way, ERPs to physically
identical stimuli are compared for the calculation
MMN/MMR. This method is recommended as it
reflects the brain response to a change as opposed to
ERPs effects due to physical differences between
standard and deviant [34]. Individual ERP waves
were averaged to create grand-averaged ERPs.

The presence of MMN/MMR was tested using nonparametric cluster-based permutation statistics [35].
First, a series of t-tests were computed at each
electrode and each time point, comparing the deviant
and control waveforms. From this, clusters were
formed by combining the sampling points where a
significant effect was obtained (p < .05, two-tailed)
based on temporal and spatial adjacency and polarity
of the effect. Cluster-level statistics are then
calculated by adding together all the t values within
the cluster. To control for type I errors, a
permutation approach was used where the condition
Table 1: Results of the cluster-based permutation
statistics

Age
(months)
Monolingual 5-6
11-12
Bilingual
5-6
11-12

3. RESULTS
The control, deviant and deviant-control difference
waves are shown in Figure 2. The difference wave
showed a positive peak between 100-400ms for the
monolingual 5-6-month-olds and both bilingual age
groups. These responses were confirmed by the
cluster based permutation tests. Since the latency
and scalp location matches the expected MMR
response latencies (100-300ms) and location (frontocentral), these responses were classified as MMR.
Table 1 shows the results of the analysis.
Since only the bilingual group generated MMR at
both age ranges, the MMR amplitudes (mean
amplitude in a 40ms window around the peak at
FCz) were compared between 5-6- and 11-12month-olds using one-way analysis of variance
(ANOVA). This ANOVA did not show any
significant main effect of age F (1,18) = 0.01, p =
.90 suggesting that there is no evidence for a
difference in MMR amplitude between the 5-6
month olds (M = 4.13, SE = 2.02) and 11-12 month
olds (M = 3.86, SE = 3.53). However, note that the
time rage of MMR was earlier for the 11-12compared to 5-6-month-olds (Table 1).
Figure 2: Deviant, control and difference waves at
FCz electrode across participant groups and ages.

2.3.4. Statistical Analysis

Group

labels were randomly swapped, and the t-tests were
repeated 2000 times to generate a data-driven null
hypothesis distribution. The cluster-level statistics
from the first step was considered significant if it fell
in the top 2.5 or bottom 2.5 percentile of the
distribution.

Cluster
type
+
none
+
+

Time
(ms)
144-196

p

220-360
112-316

.018
.007

.044
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4. DISCUSSION
To examine the nature and impact of language
exposure on pitch perception during the perceptual
narrowing trajectory, infants’ sensitivity to a tone
contrast was measured via a passive oddball EEG
paradigm at two ages. Non-tone-language learning
monolingual and bilingual infants exhibited MMRs
at 5-6 months, whereas only bilingual infants
showed MMRs at 11-12 months.
Outcomes at 5-6 months conform to the typical
result at perceptual narrowing onset where initial
sensitivity/bias is typically reported for perceptually
discriminable tone contrasts [7]. Both groups of
young infants are sensitive to non-native tones.
Crucially, the MMRs rather than MMN responses
suggest that the neural responses were immature [2].
Loss of sensitivity to non-native contrasts and
sustained and improved discrimination for native
contrasts are usually reported after 9 months [8,9].
This EEG study found similar evidence to
behavioural paradigms, that monolingual infants do
not discriminate non-native tone contrasts. Results
tap into the nature of perceptual narrowing by
showing that the reduced sensitivity is on a neural
level, confirming predictions of neural commitment
theories [36] arguing for a “more exposed, more
committed” trend at early ages.
Although no infants were learning tone or pitchaccent languages, bilingual infants exhibited MMRs
at perceptual narrowing offset just like at its onset.
The earlier peak at 11-12 months may indicate less
processing effort comparing to that at 5-6 months.
Such sensitivity could be sustained from the onset,
or otherwise, it may rebound from 9 months where
non-native tone discrimination has been shown to be
at its bottom [9]. Future EEG experiments with 9month-olds will address this issue.
Regardless of the developmental trajectory, the
observed neural processing difference between
monolinguals and bilinguals at 11-12 months needs
to be explained. This pattern replicates behavioural
data testing the same contrast using a visual
habituation paradigm [1]. Stemming from language
exposure, bilingualism may afford infants resilient
behavioural and neural sensitivity to non-native
phonetics over monolinguals [21]. The amplified
neural plasticity applies to not only segmental [21]
but also suprasegmental features. This flexibility
may reflect bilingual infants’ 1) increased linguistic
sensitivity (sensitivity to language in general, to
lexical tones in particular, and possible L1
facilitation or transfer effects), 2) their enhanced
cognitive abilities (information encoding and
switching [23,24], recognition memory [25], and
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novelty detection [26]), and/or 3) their improved
sensitivity to general auditory information [29].
Bilinguals’ enhanced neural flexibility and extra
attention to subtle phonetic details in a non-native
language may result in later stabilization of native
categories as it does not necessarily facilitate speech
sound normalization. Subsequently, a relatively later
perceptual narrowing time frame at the end of the
first year may occur for bilingual infants. Regardless
of the debate, the differences between monolinguals
and bilinguals are evident in the current study.
Last but not least, the following issues need to be
addressed in future studies: How do tone-language
learning infants process the current tone contrast?
How do infants across language backgrounds
perceive non-linguistic/musical pitch contrasts? The
answers to these questions will increase our
appreciation of nature and domain specificity of tone
perception in the first year after birth.
5. CONCLUSION
Monolingual and bilingual infants exhibited MMRs
to lexical tones at the onset of perceptual narrowing
at 5-6 months, whereas only bilingual infants
revealed a similar processing pattern at perceptual
narrowing offset at 11-12 months. Infant linguistic
pitch processing shows initial sensitivities followed
by experience-dependent neural changes, yet
bilingual exposure increases perceptual flexibility to
non-native speech contrasts.
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which was the language environment in which testing
took place.

ABSTRACT
While it is acknowledged that phonological
processing begins at an early perceptual stage, the
interaction of attention with contrastive speech
features is inadequately understood. We investigated
the effect of attention on electrophysiological
responses to contrastive VOT, vowel length and place
of articulation. Specifically, we examined the
attentional difference in global field power for
contrasts sorted according to secondary contrasts.
The attention-contrast difference timeseries that
included VOT showed distinct differences between
the two secondary levels, occurring less than 132 ms
after the mean time at which the contrasts were
differentiated in the stimuli. Moreover, there was
temporal congruence between the initial point from
which the two levels maximally differ for VOT and
vowel length, but not for the vowel length-place of
articulation contrast or its inverse.
These results elucidate the integration and
automaticity involved in syllable processing, and they
confirm that the cortical response to VOT is robust.
Keywords: Voice-onset time; Place of
articulation; Vowel length; Electrophysiology;
Global Field Power; Event-related potentials
1. INTRODUCTION
The effect of phonological features on neuronal
measurements, particularly VOT, have often been
studied with passive attention paradigms where the
listener watches a silent film or reads a book. The
results from these paradigms differ from attend
conditions, where the amplitudes of event-related
potential components are generally larger and the
latencies shorter. The difference between attended
and nonattended conditions, particularly when
attention is more fully diverted from the auditory
stimuli, allows the investigation of the attentional
difference evoked by different features occurring in
the stimuli.
The present study probes these
attentional differences in the context of three syllabic
contrastive features which are VOT, place of
articulation and vowel length. All three of these
features are used to signal lexical contrast in Danish,
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The underlying premise of analyzing contrastive
features of speech according to differences in the
attentional state of test subjects is that it allows for
disentangling of obligatory and attended processing
associated with a contrast. This premise also
attributes a central role to attention in speech contrast
processing. Subtraction of conditions is warranted
given that processing of contrastive vocalic content
occurs even when attentional resources are not
allocated to speech [1]. Also, the study of lexical
effects has shown a degree of automaticity in
phonological processing that is evident less than 200
ms after the auditory presentation of a speech feature
[2].
Our analysis is based on the temporal attributes
derived from Global Field Power (GFP) [3]
timeseries.
GFPs are a suitable measure for
investigating biomarkers of contrastive features, as
they reflect the standard deviation of the mean
activity from all electrodes. Due to this, they are
reference-independent and superior to single sensor
average event-related measurements as they capture a
broader range of scalp activity in the timeseries, not
just that associated with single or clustered recording
locations. We examine the difference of the attention
conditions on secondary contrasts, that is, when the
neural timeseries from a contrastive features is sorted
according to another secondary contrast. Our analysis
focuses on the correspondence between auditory
presentation and the observed changes in the group
GFP attention-contrast differences. We attribute these
changes to differences in the processing of contrastive
features.
2. METHOD
2.1. Subjects

EEG was recorded from 20 University staff and
students (10 identified as female; mean age 25 years)
all of whom reported no existing neurological
condition and were right-hand dominant. All subjects
were native Danish speakers and had normal hearing.

2.2. Stimuli

Stimuli were the 8 syllables [b̥ ɑ], [pʰɑ], [ɡ̊ɑ], [kʰɑ],
[b̥ ɑː], [pʰɑː], [ɡ̊ɑː] and [kʰɑː]. They were made from
the exemplars [pʰɑː] and [kʰɑː] recorded by a 42 yo
male. The fundamental voice pitch contour of these
exemplars was flattened to 105 Hz with the PSOLA
algorithm implemented in PRAAT [4]. Aspiration
and the voiceless phase were removed from the
exemplars to yield the syllables [b̥ ɑː] and [ɡ̊ɑː]. The
vowel of these items was then truncated to provide
syllables with short (120 ms) and long (200 ms)
vowels. Linear gating was applied to the last 50 ms
of all items. Table 1 shows the temporal specifics of
the contrasts and when they differentiate according to
a secondary sorting contrast.
Table 1: Mean times in ms (and range) from
stimulus onset at which contrasts (rows)
differentiate themselves according to a secondary
contrast (columns).

(1) VOTBilabial=
(2) VOTVelar=

∑([$ʰɑ] ) [$ʰɑː]),

∑([1ʰɑ]) [1ʰɑː]),

(3) VOTVowel short=
(4) VOTVowel long=

−

−

∑([ɡ̊ ɑ] ) [ɡ̊ ɑː]),

∑([$ʰɑ]) [1ʰɑ]) ,
∑([$ʰɑː]) [1ʰɑː]),
-

∑([/̥ ɑ]) [/̥ ɑː]),

−
−

∑([/̥ɑ] ) [ɡ̊ ɑ]),
∑([/̥ɑː] ) [ɡ̊ ɑː]),
-

The contrast differences from the attend condition
were then subtracted from the divert condition to
yield the timeseries given in Figs. 1-3. We analyzed
the difference GFP timeseries by finding the
maximum area between the curves in the poststimulus
window (grey shaded area in Figs. 1-3). The time at
which the curves intersect immediately prior to the
maximum difference is interpreted as an initial
separation in the processing of the attention contrast
according to the two levels over which it is calculated.
3. RESULTS
3.1. Secondary GFP contrasts

VOT
Length
Place

Length
160 (120-199)

Place
47 (15-79)
132 (15-279)

3.1.1. VOT

2.3. EEG Recording and processing

A complete description of the experimental
conditions and recording parameters is given in [5].
In short, there were 100 presentations of each syllable
in an attend and a divert condition. In the attend
condition subjects performed closed-set syllable
identification, and in the divert condition they
completed a visual discrimination task based on Kanji
symbols. Low-density EEG recorded during both
conditions underwent visual inspection and
independent component analysis. Epochs were
extracted between -200 and 400 ms relative to
syllable onset, and baselined to the prestimulus data.
2.4. Accuracy correction and GFP contrastattention differences for sorted features

Epochs from the attend condition, where the recorded
response was either incorrect or absent, were omitted
from further analysis. GFPs were then calculated for
each syllable from the remaining epochs in both
attention conditions. We applied subtraction formulas
to the GFPs to calculate contrastive features
according to a secondary sorting feature. For
instance, to derive the VOT GFP differences, we
applied formulas (1) and (2) so as to calculate for each
place of articulation, and (3) and (4) so as to calculate
for both VOTs.
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Fig. 1 shows local maxima in the VOT attentioncontrast differences, when sorted for both place of
articulation and vowel length, that occur at 140-150
ms poststimulus. This maximum is not evident in the
other attention-contrast differences (Figs. 2 and 3)
and is therefore probably linked to attentional
processing of the VOT contrast. From the stimuli
(see table 1), the temporal midpoint of the VOT
contrast is auditorily available at a mean time of 47
ms after syllable onset, indicating that the attentional
processing time involved in resolving this contrast is
conservatively estimated at approximately 90 ms.
Within this initial peak it can also be seen that
VOT attention-differences for place of articulation
have different peak amplitudes which for velars are
1.11 µV (at 147 ms) and for bilabials are 0.78 µV (at
150 ms). In contrast to this, the VOT-vowel length
differences are of equal amplitude, while the offset of
the long vowel secondary contrast lags that of the
short vowel by approximately 15 ms. This suggests
that there is an integration of contrast processing
whereby the VOT is processed in parallel with
contrasts that occur earlier (place of articulation) and
later (vowel length) in the stimuli.

Figure 1: VOT contrast-attention differences
calculated according to place (upper) and vowel
length (lower). In all figures, the shaded area
indicates the maximum difference between the
curves in the poststimulus window.

Figure 2: Vowel length contrast-attention
differences calculated according to place of
articulation (upper) and VOT (lower).

3.1.3. Place of articulation
The local maxima subsequent to the VOT
processing peak show a differentiation according to
place of articulation in the 179-289 msec poststimulus
window, during which the bilabial difference
increases while the velar difference is between -0.1
and -0.7 µV. The VOT-vowel length maximum
difference is between 250-314 ms poststimulus, and
within this time window it can be seen that the long
and short vowel attention differences are in inverse
phase to each other.
3.1.2. Vowel length
The vowel length contrast differences, when
calculated according to VOT, show abrupt negative
deflections for the short VOT at 220 ms and the long
VOT at 300 ms poststimulus (Fig. 2). The amplitude
of both of these negative deflections is approximately
2 µV, which is the largest abrupt voltage change
observed in all of the secondary contrasts. The
temporal difference between the two levels of this
secondary contrast suggests that the activity
associated with vowel length is contingent upon VOT
and is in a linear temporal relationship to this contrast.
This in turn suggests that attentional tracking of the
high amplitude vowels decreases according to the
contrastive length of the VOT. When the vowel
length contrast is calculated according to place of
articulation there is a gradual differentiation between
the velar and bilabial attention differences that begins
at 152 ms poststimulus and continues to the end of the
epoch.
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Similar to the vowel length-place of articulation
attention differences, the place-vowel length
differences, differentiation continues until the end of
the epoch from an initial divergence at 226 ms. Place
of articulation calculated according to VOT shows a
maximum differentiation in the 179-289 ms
poststimulus window, where the secondary contrast
differences are in opposite phase.
Figure 3: Place of articulation contrast-attention
differences calculated according to place (upper)
and VOT (lower).

3.2. Temporal relationships between stimuli and
secondary contrasts.

Comparison of the beginning of the maximum area
between levels of the secondary contrast (leftmost
point of the shaded region in Figs. 1-3), and the
difference between this time and the mean time after

which stimuli differentiate themselves according to
the contrasts are given in table 2. This shows that
both VOT-place and its inverse diverge 132 ms after
the temporal midpoint of the contrasts, as rendered in
the stimuli. VOT-length and its inverse also diverge
at the same time which was 90 ms after the temporal
midpoint of the contrasts. However, the Length-place
and the Place-length attention-contrast differences do
not diverge at the same time, suggesting that these
secondary contrasts are processed differently, or that
this derived measure of differentiation does not
correspond to attended perceptual processing of the
Place-length and Length-place contrasts.
Table 2: Mean times in ms of the initial point of
maximum differentiation and the difference
between this point and the mean time from stimulus
onset at which contrasts are available in the
syllables.

Secondary
contrast
VOT-place
VOT-length
Length-place
Length-VOT
Place-VOT
Place-Length

Initial max Initial diff.
(ms)
stim (ms)
179
132
250
90
152
30
250
90
179
132
226
94

–

4. DISCUSSION
These derived group neural timeseries suggest that
there is an integration in the attentional processing of
secondary contrasts, as for each primary contrast they
differentiate
maximally
within
overlapping
poststimulus time windows. All contrasts show a
period of maximum separation between the two levels
over which they are sorted, that begins no later than
132 ms after the mean poststimulus time at which the
contrast is auditorily available in the stimuli. The
VOT attention-difference GFPs are of different
phases in the period of maximum separation. The
initial point of divergence prior to maximum
separation is the same for both VOT-place and placeVOT, and VOT-vowel length and vowel length-VOT.
In contrast to the difference in phase observed in
the attention-difference GFPs involving VOT, lengthplace and place-length timeseries show a gradual
divergence of the attention-contrast differences that
start later (179 or 226 ms) and continue to the end of
the analysis epoch (400 ms). This may reflect
continued repair processing related to perceptual
uncertainty stemming from the low acoustic salience
of the place of articulation cue. This explanation is
plausible as it is generally accepted that place of
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articulation is a contrast, the accurate perception of
which decreases rapidly with the addition of noise [9].
A related explanation for the late and long difference
in the attentional processing observed in the placelength and length-place timeseries may be related to
the duration of the cues. The stop difference between
the velar and bilabial place of production occurred in
the first 15 ms of the stimuli, whereas the VOT and
vowel length contrasts both differed by
approximately 80 ms.
When VOT was a primary contrast, there was an
initial peak at 140 ms in both secondary contrasts,
indicating that this is related to the resolution of the
VOT contrast. This suggests that there is early
attentional processing devoted to VOT, as this peak
occurs approximately 90 ms after the temporal
midpoint of the contrast as rendered in the auditory
stimuli. The integration of the processing of
secondary contrasts is also observed in the initial peak
of the VOT contrasts as an attention-amplitude
difference for place of articulation and a slight lag in
the peak offset for vowel length. Subsequent local
maxima in both the VOT-place of articulation and
VOT-vowel length attention-differences may be
related to what has previously been described as the
‘double-on’ neuronal response to VOT stimuli [6,7].
These results confirm that the dimensions of the
double-on, particularly the second peak, is related to
the attention of the listener, and, as reported in [8],
contingent on other contrastive features, like place of
articulation.
Transformed behavioral results from the same
subjects may have shed light on perceptual
dimensions of the contrasts that underlie these
electrophysiology results and better substantiate the
inferences that we draw. However, behavioral results
would not be directly applicable to these
electrophysiology results, as those from the attend
condition were corrected for accuracy, a correction
that was necessary in order to ensure precision in the
analysis of differentiation between the two levels of
the secondary contrasts. Despite the absence of
applicable behavioral measures there is consistency
in these results that is seen in the temporal
correspondence between secondary VOT contrasts
and their inverse. Similar subtraction methods may
prove useful in probing the variation of attention that
occurs with other contrastive speech features.
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ABSTRACT
The neural correlates of inner language are still illdefined. Several varieties need further examination:
deliberate monologal or dialogical inner speech and
unbidden inner language during mind wandering.
Using fMRI, we probed varieties of inner speech
along dialogicality and intentionality in 24 healthy
participants, during five tasks: speech perception,
monological self voice inner speech, monological
other voice inner speech, dialogical other voice inner
speech, and mind wandering with verbal episodes.
Results are interpreted within a predictive control
account in which intentional inner speech is viewed
as deriving from multisensory goals, transformed into
motor commands. Efference copies of the inhibited
motor commands are converted into predicted
percepts (inner voice). Based on the comparison
between the five tasks we report the neural correlates
of dialogicality and intentionality in inner speech.
Keywords: Neurolinguistics, Inner production,
Perception, Mind wandering, Predictive Control
1. INTRODUCTION
Inner speech can be defined as “the subjective
experience of language in the absence of overt and
audible articulation” [1]. It plays a critical role in
reasoning, executive function, memory and selfawareness [7] and has been shown to vary along
several axes. On the dialogicality axis, it can be
monological or dialogical, reflecting the experience
of communication [2]. We can use our own voice, we
can covertly imitate someone speaking or we can
imagine hearing someone. On the intentionality axis,
we sometimes deliberately engage in inner speech.
Other times, we find ourselves unwilfully using inner
language, what is called verbal mind wandering [9].
The neural structures that mediate this manifold
activity are still ill-defined (for reviews, see [4,5,9]).
Inner speech has been viewed as the mental
simulation of overt speech, which implies that speech
production processes are at play, although production
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is inhibited [8]. Inner speech is associated with the
perception of voices which suggests that perception
processes could also be involved. The shifts in
perspective (from self-speaking to other-imagining)
which occur in inner dialogue deserve further
description [2]. Finally, the relations between wilful
inner speech and verbal mind wandering need deeper
examination [6]. We report the results of an fMRI
study in which we examined varieties of inner speech
along the dialogicality and intentionality axes and
compared them with speech perception.
2. METHODS
2.1. Participants
Twenty-four healthy right-handed (10 men; mean age
= 29.5 years, SD =10.04; 14 women, mean age =
28.07 years, SD = 8.14) native speakers of French
were included. Each participant gave informed
written consent and received 30 €. The study was
approved by the local ethics committee (38RC14.304,
ID-RCB: 2014-A01403-44).
2.2. Tasks
Participants were first introduced to an avatar with a
saliently high-pitched voice, who gave them
instructions and provided thorough training to make
sure they produced inner speech without mouthing. In
the first four tasks, each trial started with the visual
presentation of a word and a picture of the
corresponding object. For example, the word “ball”,
with a picture of a ball framed within a clock was
presented for 2s, after which the clock rotated and the
participant performed the task, which lasted for 4s.
Each trial was repeated several times in each
condition (see 2.3). In the fifth task, one word-image
pair was presented for 2s, then a clock was displayed
for 30s. In the Inner Speech Self (MS) condition,
participants had to mentally generate definitions of
the objects. In the Inner Speech Other (MO)

condition, participants had to mentally generate
definitions, imitating the voice of the avatar. In the
Imagined Speech (DO) condition, participants had
to imagine that the avatar was addressing them,
starting with “Here is a typical image of a…” and
simply naming the objects without defining them (to
reduce cognitive load). In the “Speech Perception”
(SP) condition, participants had to listen to
definitions played in the earphones. In the “Verbal
Mind Wandering” (VMW) condition, after the
initial 2s word-image pair, participants were asked to
fixate a stylized clock rotating for 30s. They were
instructed to monitor spontaneously occurring
thoughts. At the end of the trial, they reported the
periods with verbal thoughts, by selecting time
portions on the clock, using a joystick. Stimulus
presentation and response collection were controlled
with Presentation (http://www.neurobs.com).
2.3. fMRI protocol
A block design paradigm was used. In the MS, MO,
DO and SP conditions, trials were separated by a
fixation cross displayed for 2s. At the beginning of
each block, an instruction screen was displayed for 6s
while the instructions were played in the earphones.
Each block was composed of 5 trials of the same
condition. A fixation cross was displayed for 8s
before and after each block. When a participant was
doing the task for the first time in the run, the block
started with three training trials. The sequence of
conditions was pseudo-random across participants,
with DO after MO to reduce confusion. Each
participant completed 3 sequences of blocks in each
fMRI run. Two runs were recorded. This resulted in
30 test trials (6 blocks of 5 trials) plus 3 training trials
per condition per participant. For each participant, the
sequence of conditions was the same in the two runs.
2.4. Pre- and Post-experiment questionnaires
One day before the experiment, participants filled in
the Edinburgh Handedness Inventory and a mental
imagery questionnaire. After the experiment, they
filled in a recall questionnaire with a list of 60 words,
for which they checked whether they had generated a
definition in the scanner (20 words were distractors).
This aimed at testing their attention during the tasks.
Participants also filled in subjective questionnaires to
report how well they performed the tasks and to
describe their thought contents during VMW.
2.5. fMRI acquisition
Experiments were performed using a whole-body 3T
scanner (Philips Medical Systems, Eugene, OR) with
a 32-channel head coil at the University Hospital in
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Grenoble. The manufacturer-provided gradientecho/T2*weighted EPI method was used. Forty-two
adjacent axial slices parallel to the bi-commissural
plane were acquired in non-interleaved mode. Slice
thickness was 3 mm. The in-plane voxel size was 3×3
mm (240×240 mm field of view with a 80×80 pixel
data matrix). The main sequence parameters were:
TR = 2.5s, TE = 30ms, flip angle= 82°. Two fMRI
runs were acquired. During the break between the two
runs, a T1-weighted high-resolution 3D anatomical
volume was acquired, with a 3D T1 TFE sequence
(field of view = 256×224×175mm; resolution: .89x
.89x1.37mm; acquisition matrix: 192×137×128
pixels; reconstruction matrix: 288×288×128 pixels).
Subjects’ gazes were monitored with an eyetracker.
2.6. fMRI data analysis
Data analysis was performed using SPM12 software
(Wellcome Department of Imaging Neuroscience,
UK). Individual scans were time-corrected, realigned,
normalized to the MNI space and spatially smoothed
by an 8-mm FWHM Gaussian kernel. Times-series
for each voxel were high-pass filtered (1/512 Hz) to
remove low-frequency noise and signal drift. The
fMRI signal was analysed using single-participant
general linear model. For each participant, five
conditions of interest (MS, MO, DO, SP, VMW) were
modelled as regressors. Movement parameters
derived from realignment corrections were included
as factors of no interest. The run number was added
as an additional factor. For the first-level analysis,
five contrasts corresponding to each regressor of
interest vs. implicit baseline were computed. For the
second level, (i) one-sample T-tests were performed
to obtain simple effects of conditions, (ii) conjunction
analyses were carried out between each inner speech
condition and SP and (iii) one-way within-subject
ANOVA was performed to obtain differential effects
between conditions. In all analyses (except for the
contrast between MS and MO), significant voxel
clusters on individual t-maps were identified with
Family Wise Error (FWE) correction at p < .05.
Location of cluster maxima was determined using
Automated Anatomical Labeling (AAL) map [11].
3. RESULTS
Mean accuracy score in the word recall task for all
participants reached 84.42% ± 16.63. This high score
together with the eyetracker monitoring suggest that
participants were focused on the tasks. The minimal
head movement registered in the scanner confirms
that they did not articulate. The subjective
questionnaires indicated that the VMW condition
contained verbal episodes.

FMRI contrasts between each condition and the
baseline are presented in Table 1, all p<.05, FWE
correction.
To assess whether production-perception
processes were recruited in all varieties of wilful
inner speech, MS, MO and DO were confronted to
SP. Activations in MS and SP are shown separately
(Fig. 1a-b) and for MS, MO and DO in conjunction
with SP (Fig. 1c).
To study the varieties of wilful inner speech along
the dialogicality axis, MS was compared with MO
(changing voice, Fig. 2a-b) and MO was compared
with DO (shifting from monologue to dialogue, Fig.
2c-d).
Finally, to explore the intentionality axis,
activations in the VMW condition, which according
to participants contained verbal episodes, were
plotted in Fig. 3 (to be compared with MS in Fig. 1a).

Frontal_Inf_Orb_2_L
Precental_L
Precental_R
Insula_L
Lingual_L
Postcentral_L
Occipital_Mid_L
Rolandic_Oper_R
Frontal_Mid_2_L
Occipital_Sup_L

SP vs BL

Table 1: Peak activated clusters in each condition
vs. baseline (in bold) and their sub-clusters
Condition

MS vs
BL

MO vs
BL

DO vs
BL

Region Label (aal)
Frontal_Inf_Oper_L
Frontal_Inf_Tri_L
Putamen_L
Frontal_Sup_Medial_L
Supp_Motor_Area_L
Supp_Motor_Area_R
Occipital_Mid_R
Occipital_Sup_R
Frontal_Mid_2_L
Temporal_Mid_L
Frontal_Sup_2_L
Frontal_Sup_Medial_L
Occipital_Mid_L
Temporal_Inf_L
Calcarine_L
Precentral_R
SupraMarginal_L
Cerebellum_6_R
Fusiform_L
Temporal_Pole_Sup_R
Hippocampus_L
Insula_R

Extent t-value
2113 14.12
14.08
11.66
771
12.84
11.33
10.13
116
9.97
8.07
37
7.75
38
7.73
25
7.22
6.26
50
6.89
6.45
21
6.81
5
6.79
2
6.58
14
6.50
5
6.34
4
6.12
1
6.00
1
6.00

Supp_Motor_Area_L
Supp_Motor_Area_L
Frontal_Inf_Orb_2_L
Frontal_Inf_Oper_L
Occipital_Mid_R
Putamen_L
Precentral_L
Hippocampus_L
Precentral_R
Frontal_Mid_2_L
Insula_R
Putamen_R
Caudate_R
Temporal_Inf_R
Cerebellum_6_R
Precentral_R

661

Occipital_Mid_R
Cuneus_R
Temporal_Mid_R
Supp_Motor_Area_L
Supp_Motor_Area_L
Frontal_Inf_Tri_L
Frontal_Inf_Oper_L

230

717
29
93
78
25
12
11
77
16
3
9
6
1

503
432

MNI Coordinates
x
y
z
-48 11
5
-36 26
-1
-18 11
-1
-3
26
41
-6
17
62
6
8
62
36 -82 14
18 -94 20
-30 53
14
-51 -40
2
-9
53
35
-9
44
41
-39 -67
-1
-45 -52 -16
0
-82
-4
54
2
44
-45 -43 32
36 -64 -25
-30 -46 -19
54
14
-4
-18 -40 14
39
17
2

11.52
10.28
11.51
11.12
9.74
8.54
8.49
7.84
7.67
7.25
7.20
7.07
6.90
6.83
6.52
6.00

-9
-9
-45
-51
30
-18
-48
-15
54
-30
36
24
18
48
36
63

17
5
20
11
-85
11
-4
-16
-1
50
17
5
23
-67
-58
8

47
62
-7
5
17
2
50
-19
44
11
2
2
5
-28
-28
17

10.86
9
8.71
10.54
10.52
10
9.84

33
15
48
0
-6
-42
-51

-82
-94
-70
11
2
32
11

11
20
2
59
65
20
2
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VMW vs
BL

64
29
36
13
14
18
4
1
1

Temporal_Sup_L
Temporal_Sup_L
Temporal_Sup_R
Temporal_Sup_R
Frontal_Inf_Tri_L
Frontal_Inf_Orb_2_L
Occipital_Mid_R
Precentral_L
Temporal_Inf_R
Supp_Motor_Area_L
Lingual_L
Frontal_Sup_2_L
Supp_Motor_Area_L
Precentral_R
Temporal_Inf_L
Hippocampus_L
Frontal_Sup_Medial_L
Fusiform_L
Precentral_L
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Parietal_Sup_R
Frontal_Sup_Medial_L
Supp_Motor_Area_L
Frontal_Sup_2_L
Frontal_Mid_2_L
Frontal_Sup_2_L
Parietal_Inf_R
Temporal_Inf_R
Occipital_Mid_R
Parietal_Sup_L
Parietal_Inf_L
Frontal_Inf_Oper_R
Insula_R
Frontal_Inf_Orb_2_R
Frontal_Mid_2_R
Supp_Motor_Area_R
Frontal_Inf_Orb_2_L
Insula_L
Occipital_Mid_L
Cerebellum_Crus1_L
Frontal_Sup_2_R
Frontal_Inf_Tri_R
Frontal_Sup_2_R
Frontal_Mid_2_R

161
305

491
345
12
27
17
25
12
29
4
9
20
5
2
1

186
97
107
37
100
111
66
20
148
4
2
1
1
1
2

9.78
8.51
8.31
7.53
7.16
7.01
6.76
6.54
6.25
5.99

-42
-48
54
48
0
-60
-39
60
-36
-9

20
-7
2
8
-79
2
-70
8
50
-97

-7
47
44
-1
-7
20
2
14
23
8

15.27
11.03
13.32
12.90
8.85
8.40
8.14
7.69
7.51
7.26
7.25
7.22
6.43
6.91
6.80
6.74
6.58
6.13
5.99

-63
-45
63
63
-51
-45
39
-51
45
-9
0
-12
-6
54
-45
-21
-9
-33
-42

-22
-22
-10
-28
35
23
-82
-7
-61
8
-79
29
17
2
-43
-16
47
-46
2

5
5
-1
8
14
-7
14
47
-7
62
-4
50
56
44
-13
-19
41
-19
53

10.91
10.90
7.41
6.89
10.13
7.97
8.86
8.82
8.58
8.29
8.20
7.97
7.80
6.26
7.90
7.26
7.20
7.17
6.82
6.40
6.10
6.07
5.97
5.97

21
-6
-9
-18
-30
-24
42
51
36
-18
-51
57
36
48
30
15
-42
-33
-36
-33
24
48
27
33

-58
29
14
17
50
44
-37
-64
-82
-67
-55
17
14
20
50
20
17
17
-73
-58
14
35
47
50

56
35
56
65
14
35
47
-4
17
59
41
5
-1
-7
26
62
-7
2
5
-34
65
-1
11
14

Figure 1

Figure 1: Tasks vs baseline (a) SP (b) MS
(c) Conjunctions MS & SP, MO & SP, DO & SP.
a

b

c

ISS

Figure 2: (a) MS vs MO, (b) MO vs MS,
(c) MO vs DO, (d) DO vs MO.
a
b

p<.001 uncorrected

c

Along the dialogicality axis, covertly using
someone else’s voice (MO) vs one’s own voice (MS)
resulted in a lateralisation shift. Greater left IFG and
parietal activation was observed in MS vs MO and
greater right IFG and parietal activation in MO vs MS
(Fig. 2a-b, uncorrected). Perspective shifting, from
self-speaking with other’s voice (MO) to otherimagining (DO), yielded greater activation in left IFG
and SMA in MO vs DO and greater right IFG and
medial FG, right superior and inferior parietal lobules
Figure
2
and bilateral
precuneus
in DO vs MO (Fig. 2c-d).
Parietal and precuneus activations are consistent with
previous studies on perspective taking [2,3].
Along the intentionality axis, VMW was mainly
associated with activations in bilateral IFG, medial
prefrontal cortex, superior and inferior parietal gyri,
precuneus, occipital regions, and left caudate,
thalamus and cerebellum (Fig. 3), consistent with
studies on mind wandering and the default mode [10].

p<.001 uncorrected

d

p<.05 FWE

p<.05 FWE

Figure 3: VMW vs baseline, p<.05, FWE
d

5. CONCLUSION

4. DISCUSSION
Occipital activation in all conditions was related to
the visual processing at the beginning of each trial. In
line with previous works [9], compared with baseline,
SP recruited bilateral superior temporal gyri (STG),
left supramarginal gyrus (SMG), left inferior frontal
gyrus (IFG), left superior frontal gyrus (SFG),
bilateral premotor (PM) cortex, left supplementary
Motor Area (SMA), left motor cortex, left
hippocampus (Fig. 1a) and MS revealed greater left
hemisphere activation in the IFG, middle frontal
gyrus (MFG), SFG, SMG, posterior middle temporal
gyrus (MTG), hippocampus, together with bilateral
SMA, bilateral PM cortex, and right cerebellum (Fig.
1b). The MS/SP conjunction confirmed that left IFG,
SFG, MTG, SMA, SMG, hippocampus, bilateral PM
cortex, and occipital posterior MTG were recruited by
both conditions. This supports the claim that wilful
inner speech involves the inhibited production of
motor commands, generated in frontal regions [8].
Efference copies of the commands would be
processed by cerebellar internal models, giving rise to
a sensory prediction, the inner voice, in STG/MTG.
The conjunctions between SP and the other two
inner speaking conditions (MO and DO) revealed a
weaker temporal activation (Fig. 1c). In MO and DO,
internal models are less expert than in MS, and
presumably generate more precarious auditory
predictions, which could explain the lesser auditory
cortex activation, compatible with the participant’s
subjective experience of a fainter voice percept.
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This fMRI study examined varieties of inner speech
along dialogicality and intentionality axes.
It was found that inner speech engages speech
production processes in left inferior frontal and
premotor regions, as well as perception processes in
temporal regions, supporting a predictive control
model of inner speech [8].
Along the dialogicality axis, covertly using
someone else’s voice instead of one’s own resulted in
a shift of activations to the right hemisphere.
Changing perspective, from self-speaking to otherimagining, yielded activations in precuneus and
parietal lobules.
Finally, along the intentionality axis, unwilful
inner speech was associated with less activation in
temporal regions than wilful inner speech,
presumably reflecting the subjective evanescence of
VMW. Further analyses are in progress to better
describe this last condition.
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ABSTRACT
Previous studies have concluded that breath intake
patterns during speech emerge as a function of
planning processes. Little work has tested for similar
effects of respiratory recovery on these patterns.
Moreover, previous work has relied on one-by-one
elicitation of read sentences which incorporates a
direct cue to upcoming length, allowing for
anticipatory effects to emerge but prohibiting a test of
preceding material on intakes. The current study
investigated the relative influences of recovery and
anticipatory factors on breath intakes in a connected
speech task that better approximates spontaneous
production. Participants (N = 6) were asked to recite
a passage of 20 unrelated sentences from memory.
Results revealed a significant effect of preceding
utterance length on presence of breath intakes during
pauses, but not of following utterance length. It is
concluded that respiratory recovery drives breath
intakes in connected speech.
Keywords: speech production, breathing, speech
planning, respiratory recovery.
1. INTRODUCTION
Speech and language researchers have long
assumed that speech breathing patterns are governed
by spoken language planning processes. As early as
the 1960s, Henderson and colleagues [5] found that
speakers took breaths overwhelmingly at
grammatical junctures in both read and spontaneous
speech. This notwithstanding that their more general
pausing patterns differed greatly between the 2
speaking styles as a function of the relative cognitive
demands of each. These early findings suggested that
breath intakes during speech production are planned
largely around syntactic structure, regardless of
speech fluency. Many subsequent studies have
demonstrated similar relations between syntactic
structure and intake patterns, e.g. [3,6,9,10]. More
recent work, however, has suggested instead that
speech breathing patterns reflect speech motor
planning. For example, Whalen and Kinsella-Shaw
[8] asked speakers to read sentences of variable
length and syntactic complexity. They found that
breath intakes were longer in duration prior to longer
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sentences, while there was no effect of the syntactic
structure. More recently, Fuchs and colleagues [2]
asked subjects to read target sentences of variable
length and complexity that were preceded by a carrier
sentence designed to induce intermediate intake. Both
the depths and durations of intakes were greater
before longer sentences; again, there were no effects
of syntactic complexity. These results suggest that it
is the amount of speech to be produced rather than
linguistic content which drives breath intake patterns
while speaking.
Of course, there are reasons to question the
evidence for planning effects on breathing. For one,
the studies typically present written sentences one at
a time to speakers thereby providing them with
explicit, speech-external cues to sentence length.
Moreover, a one-by-one elicitation method precludes
the investigation of physiological effects on intake
patterns. This is problematic because breath pauses
are “physiological necessities” [7:54], which could
suggest that breath intakes are governed by
respiratory recovery rather than by planning. A
recovery hypothesis predicts that the probability of an
intake increases with the length of the preceding
utterance rather than with the length of a subsequent
utterance.
The current study was designed to provide a more
stringent test of the planning hypothesis and to test
the recovery hypothesis. Specifically, we investigated
the effects of utterance length and duration on interutterance breath intakes in memorized passages of
connected speech. The passages consisted of long and
short sentences that were ordered to obtain a zero
(lag-1) autocorrelation sequence. In this way, the
elicitation method and materials removed external
cues to sentence length. The resulting speech was also
closer to spontaneously produced speech than that
which is typically elicited in studies on speech
breathing.
2. METHODS
2.1. Participants

Samples
collected
English
recruited

of memorized connected speech were
from 6 healthy college-aged American
speakers (1M;5F). Participants were
through the Human Subjects Pool

administered by the Psychology department at
University of Oregon. All had a self-reported history
of typical speech and language development.
2.2. Stimuli

Speech samples were elicited with a 20-sentence
passage of meaningful but unrelated sentences. Half
of the sentences were short (6 syllables) and the other
half were long (12 syllables), with syntactic structure
controlled. Words were limited to the top 1000
frequency in the Corpus of Contemporary American
English (COCA) [1] to avoid frequency effects, and
no content words were repeated. Sentence order was
randomized to create a zero (lag-1) autocorrelation
sequence.
To facilitate memorization, sentences were
blocked into chunks with vertical lines on the page,
and participants were invited to memorize the passage
in those chunks. To mitigate possible effects of the
chunking on intake patterns, half of the participants
were given the passage in chunks of 4 sentences, and
the other half in chunks of 5 sentences.
2.3. Procedures

Participants were told that their goal was to recite the
passage as fluently as possible by the end of the study
session. They were then given a sheet of paper
containing the passage in paragraph form and left
alone for 20 minutes to memorize it through rote
learning. Subsequent to this, participants were asked
to practice reciting the passage from memory for 15
minutes. Following each recitation, the experimenter
provided feedback on any mistakes that were made.
Following this, the speech samples analyzed in the
current study were elicited. Participants were asked to
recite the entire passage from memory 3 times in a
row as naturally as possible. This was repeated 4
times, yielding 12 recitations per speaker. To
facilitate fluency, prompts were provided on a
computer screen as the first 2 words of each sentence.
The presentation of prompts was self-paced by the
participant.
2.4. Recordings and Segmentation

The speech samples were audio recorded with a Shure
SM81-LC cardioid condenser microphone connected
to a Marantz PMD660 digital audio recorder. The
microphone was boom-mounted and placed directly
in front of the participants’ mouths.
The recordings were segmented into pausedelimited utterances by a trained researcher. Pauses
were identified as clear visual (in a spectrogram) and
audible breaks in the speech stream of no less than
100 milliseconds. An additional 50 milliseconds was
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added to this criterion for initial or unreleased final
plosives at a pause boundary. Utterances were
orthographically transcribed and coded for number of
syllables spoken. Pauses were coded for visual and
audible presence of breath intake, and intake duration
was measured.
2.5. Analyses

Hierarchical logistic regression analyses were
conducted on the effects of preceding and following
utterance lengths on the presence of inter-utterance
breath intakes for utterances that were 6 or 12
syllables long (i.e., complete sentences from the
passage). Utterance length was entered as a predictor
in the base models. Repetition number and block were
then added in succession and the new models
compared to the previous ones with ANOVA
analysis. Hierarchical linear regression was used to
assess the effects of the preceding and following
sentence lengths on the durations of breath intakes,
with repetition and block again added to the base
models.
Hierarchical logistic regression was also used to
assess the extent to which the presence or absence of
inter-utterance breath intake was predictable from the
lengths (in syllables) and durations (in msec.) of all
preceding and following utterances. Length, duration,
and their interaction (i.e., articulation rate) were
entered as predictors in separate base models. Effects
of repetition number and block were again added to
the models in succession, and the new models
compared to the preceding ones. Hierarchical linear
regression was then used to investigate the effects of
the preceding and following utterance lengths and
durations on breath intake durations. Utterance
length, duration, and their interaction were again
entered as predictors in separate base models, along
with repetition and block.
Each of the preceding analyses were also run as
mixed effects models with random slopes and
intercepts specified for speaker. None of the results
differed in a meaningful way, suggesting that the
effects reported here are not being driven by
individual patterns of a subset of speakers. No
significant effects of passage repetition or block were
found in any of the analyses.
3. RESULTS
3.1. Breath intake by experimentally-defined sentence
length

When looking at just the pause-delimited utterances
which represented a single, complete sentence from
the passage, there was a significant effect of
preceding utterance length on the presence of breath

intake during a pause (z = 5.05, p < .001). When the
preceding utterance was 12 syllables long, speakers
took a breath 87% of the time, compared to only 64%
when it was 6 syllables long. There was not a similar
effect of following utterance length, with breaths
before 72% of 6-syllable and 71% of 12-syllable
utterances. Figure 1 shows the proportions of pauses
that contained a breath intake within each condition.

syllables (SD = 6.56), and only 5.56 syllables (SD =
4.52) before a non-breath pause. There was no effect
of preceding utterance duration on the likelihood of
inter-utterance intake.
Figure 2: Absence or presence of breath intake
during a pause by speaker and preceding utterance
length.

Figure 1: Proportion of pauses with breath intake
by utterance position and length. Standard Errors of
the proportions are represented by the error bars.

Figure 3: Absence or presence of breath intake
during a pause by speaker and following utterance
duration.

There was also a significant effect of preceding
sentence length on the durations of breath intakes (t =
2.46, p = .01) but not of following sentence length.
The mean intake duration was 351 msec. (SD = 126)
when following 12-syllable sentences and only 315
msec. (SD = 129) when following 6-syllable
sentences. The mean intake duration was also longer
before 12-syllable sentences (M = 333 msec., SD =
125) than before 6-syllable sentences (M = 301 msec.,
SD = 102), but the difference between these was not
as pronounced as between the preceding sentences of
differing lengths.
3.2. Breath intake by speaker-defined utterance
lengths and durations

Preceding utterance length also had a significant
effect on the presence of breath intake during a pause
(z = 7.71, p < .001) when breath intake patterns were
analyzed with reference to speaker-imposed junctures
on the memorized passage. As shown in Figure 2, all
6 speakers were more likely to take a breath following
a longer utterance than following a shorter one. The
mean utterance length before a breath intake was 9.25
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Following utterance duration also had a
significant effect on the presence of breath intake
during a pause (z = 4.36, p < .001). Figure 3 shows
that all 6 speakers were more likely to take a breath
before a longer utterance than a shorter one. The
mean utterance duration following a breath intake

was 1819 msec. (SD = 1077), and only 1676 msec.
(SD = 1119) following a non-breath pause. There was
no effect of following utterance length on the
likelihood of inter-utterance breath intakes.
The interaction between utterance length and
utterance duration (i.e. articulation rate) was also a
significant predictor of breath intake for both
preceding (z = -3.84, p < .001) and following
utterances (z = -3.33, p < .001). All 6 speakers were
more likely to take a breath following an utterance
with a faster articulation rate than following a slower
one. The mean articulation before a breath intake was
4.41 (SD = 1.22) syllables per second, and only 3.67
(SD = 1.32) syllables per second before a non-breath
pause. The patterns for the articulation rate of the
following utterance were less systematic across
speakers.
There were no effects of preceding utterance
length or duration on the durations of breath intakes,
but there were significant effects of following
utterance length (t = -4.32, p < .001) and duration (t =
3.80, p < .001). However, there was a large amount of
variance overall among the intake durations (range =
64 - 1194 msec., SD = 157 msec.), and the patterns of
the relationships across individual speakers were
unsystematic.
4. DISCUSSION
At first glance, our findings suggest that both
recovery and planning processes affect speech breath
intake patterns. Both preceding utterance length and
following utterance duration predicted intakes.
However, closer inspection of the data points to
respiratory recovery as the leading determinant of
these patterns. Recall that previous work has found
speakers to take breaths primarily at grammatical
junctures, even in spontaneous connected speech. The
effect of preceding utterance length but not of
preceding utterance duration implies that speakers are
taking advantage of pauses at these junctures as
opportunities to breathe following production of a
long string of syllables. This also fits the assertion
that “breathing in speech is subservient to pausing,
and not the other way around” [4:63].
Conversely, speakers were not planning intakes
according to the number syllables to be produced, but
rather were afforded a certain amount of time with
which to produce more speech given the magnitude
of the preceding intake. Thus the effect of following
utterance duration but not of following utterance
length. This conclusion is supported by the analyses
based on 6- and 12-syllable utterances. While
speakers were more likely to breathe following longer
sentences than shorter ones, the following sentence
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length had no effect because intakes were not planned
in anticipation of production units.
The clear effect of preceding utterance articulation
rate on intakes is also unsurprising given the strong
positive relationship between articulation rate and
utterance length (t = 30.48, p < .001). And as
previously concluded, “at fast rates… the
physiological need to breathe is the sole determinant
of pausing” [3:98].
Finally, strong conclusions on the relationship
between utterance length and intake duration were
elusive due to considerable variability in the latter.
This may be because intake depth is not perfectly
correlated with intake duration, and intake depth may
be the more physiologically-relevant measure of
speech breathing than intake duration. After all,
breath intakes function to support the constant airflow
that speech production requires, but long shallow
breaths may not meet respiratory needs as well as
long deep breaths. Unfortunately, the lack of a fixed
mouth-to-mic distance in the present study precluded
us from analyzing acoustic intensity, which could
have provided some insight into intake depth.
In on-going work, we are coupling kinematic and
acoustic measures to validate the present results and
obtain a robust measure of inhalation depth and
duration. We are also modifying the elicitation
method to reduce the difficulty of the memorization
task for participants. Instead of semanticallyunrelated sentences, new passages have been
constructed to create several chunks of text within
which the sentences are thematically-related even
while all other factors (e.g., frequency, syntax) are
controlled. It is hoped that these new passages will
allow participants to produce the passage without
breaks that are clearly memory-related. The
introduction of chunks will also allow us to
investigate whether or not higher-level language
structures influence breath intake patterns.
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ABSTRACT
To resolve variation in acoustic-phonemic correspondences across talkers, listeners adapt to talkers’
phonetic idiosyncrasies using preceding speech. Previous studies measured increased neural response in
superior temporal lobe to talker variability, but it is
unknown whether this region is causally involved in
talker adaptation. We investigated how noninvasive
brain stimulation affected talker adaptation during a
speech processing task that factorially manipulated
talker variability (single vs. mixed talkers) and speech
context (isolated words vs. connected speech). In a
between-subjects design, listeners received anodal,
cathodal, or sham transcranial direct current stimulation of left superior temporal lobe while identifying
target words. Connected speech reduced processing
costs associated with mixed talkers; however, this effect was significantly attenuated under both anodal
and cathodal stimulation compared to sham. Stimulation of left superior temporal lobe disrupts the brain’s
ability to use speech context to adapt to a talker, revealing this region’s causal role in talker adaptation.
Keywords: speech perception; phonetic variability;
talker adaptation; temporal lobe; tDCS
1. INTRODUCTION
In speech perception, listeners face the challenge of
establishing correspondence between their abstract
phonetic representations and the acoustic realizations
of speech that are variable across talkers. When listeners encounter a new talker, they must ascertain a
different acoustic-phonemic mapping from what they
were using with the previous talker. This transition
imposes additional processing costs, making listeners’ speech perception slower or less accurate [15,17].
Natural speech tends to occur in a continuous
stream rather than words or speech sounds in isolation, and listeners use information from the preceding
speech context to accumulate talker-specific phonetic
detail and rapidly adapt to a talker. As a result, preceding speech context not only biases the decision
outcome of speech perception [9,14] but also reduces
the processing costs associated with talker variability
[2]. These results are consistent with models of

1417

speech perception that treat context as a frame of reference against which subsequent speech is compared
[20] or a cue that narrows down the range of possible
interpretations of an incoming signal [11].
The remarkably rapid time course of behavioral
adaptation to talker-specific phonetic detail suggests
that there must be processing mechanisms in the brain
that can adapt on the order of seconds to new acoustic-phonetic mappings when the talker changes. Animal models of auditory plasticity show that response
tuning in auditory neurons can adapt to new behaviourally-relevant sound statistics on this timescale
[5,8], but how and where talker adaptation is achieved
in the human brain remains unknown.
Neuroimaging studies have reported significantly
more activation of superior temporal regions when
listening to speech from mixed talkers than a single,
consistent talker [1,21,23]. Bilateral superior temporal regions have also been implicated in processing
the likelihood of phonetic category membership, with
activity in these regions increasing as a function of
the amount of phonetic variation [18]. Activation in
this region may therefore reflect the processing cost
associated with phonetic variability, but fMRI studies
primarily reveal correlational, not causal, relationship
between brain activity and behaviour [16].
We therefore aimed to investigate whether left
superior temporal lobe causally underlies the brain’s
ability to use immediately preceding speech context
to rapidly adapt to talkers on time scales on the order
of one second. To determine the causal role of this
region, we modulated cortical activity using high-definition transcranial direct current stimulation (HDtDCS) – a safe, noninvasive technique that induces
short-term changes in cortical excitability by employing weak electrical currents over the scalp [19]. The
pattern of changes in listeners’ behavior in response
to modulated brain activity during speech processing
tasks involving talker adaptation will provide causal
evidence for whether left superior temporal lobe contributes to talker adaptation and on what timescale.
2. METHODS
2.1. Participants

Native English-speaking adults (N = 60; 46 female,

14 male; age 18-31, M = 20.4 years) participated in
this study. Participants had no metallic implants and
no history of speech, language, hearing, or neurological disorder or significant head trauma. All participants were right-handed. Participants gave informed,
written consent approved and overseen by the Institutional Review Board at Boston University.
2.2. Stimuli

Stimuli included two monophthongal target words
“boot” and “boat”, chosen because the acoustic-phonemic correspondence of the /u/-/o/ contrast is highly
variable across talkers [7], imposing greater processing cost in a mixed-talker environment [3]. Target words were presented either in isolation or in connected speech, where they were preceded by the carrier phrase “I owe you a [boot/boat].” This carrier
phrase was chosen because it provides an extensive
sample of each talker’s vowel space (Fig. 1A). Words
and carrier phrases were recorded by two male and
two female native American English speakers (Fig.
1B). The recordings were made in a sound-attenuated
room sampling at 44.1kHz and 16bits. Connected
speech sentences were synthesized by concatenating
the carrier phrase to the target word, so that each
talker’s target word was identical in all conditions.
Carrier phrases and target words were normalized to
65 dB SPL RMS amplitude in Praat.
Figure 1: Speech stimuli and phonetic variability.
(A) Points labelled “u” and “o” indicate vowel formant frequencies in the target words; lines indicate
the formant trace for each talker’s carrier phrase (“I
owe you a”) in the connected speech condition. (B)
Fundamental frequency of each talker’s voice. Box
plots show the distribution (median, interquartile
range, extrema). Colors denote different talkers.

2.3. Behavioral task

Stimuli were presented in four blocks which factorially manipulated talker variability (single-talker vs.
mixed-talker) and speech context (isolated words vs.
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connected speech). Each block consisted of 96 trials,
each target word occurring in 48 trials per block.
Stimulus presentation was pseudo-randomized such
that the same word was not presented for more than
three consecutive trials (Fig. 2). The order of conditions was counterbalanced across participants.
Participants were instructed to listen to the stimuli and identify the target word they heard as quickly
and as accurately as possible by pressing the corresponding number on a keypad. Trials were presented
at a rate of one per 2000ms. Stimulus delivery was
controlled using PsychoPy v.1.8.1.
Figure 2: Behavioral task design. Participants identified words while listening to speech produced by
either (A) a single talker or (B) mixed talkers. The
connected speech condition is shown. Font/color
combinations denote different talkers.

2.4. Transcranial direct current stimulation (tDCS)

In a between-subjects design, participants were randomly assigned to receive either sham (n = 20), anodal (n = 20) or cathodal (n = 20) tDCS during the
task. Stimulation was applied using a Soterix M×N
HD-tDCS system. Stimulating electrodes (cathodes
for the cathodal condition, anodes for the anodal condition) were placed at electrode locations T7 and TP7
(in the 10-10 system [12]); return electrodes (anodes
for the cathodal condition and cathodes for the anodal
condition) were placed at C3, CP3, PO7 and F7 (Fig.
3A). This configuration, approximating the centersurround stimulation design optimal for achieving
maximally focal stimulation intensity and current
flow [4,13], was chosen to target left superior temporal cortex. Electrode locations were selected based
on biophysical simulation of current flow in the human brain (Soterix HD-Explore, Soterix Medical,
NY, USA). Peak estimated field intensity at the target
location was 0.507 V/m (Fig. 3C,D,E).
For anodal and cathodal tDCS sessions, current
was increased to the maximum stimulation intensity
of 2 mA using a 30-s linear ramp after initiation (Fig.
3B). Stimulation magnitude remained at 2 mA for the
entire duration of the task (~15 min), followed by a
30-s linear ramp-down at termination. For sham sessions, current was ramped up to 2 mA over 30 s and
then immediately ramped down to 0 mA over 30 s,

where it remained for the entire duration of the task.
Sham tDCS induces the initial mild dermal tingling
sensation associated with tDCS without stimulating
the brain areas during the task, keeping participants
unaware of whether they were assigned to an active
or sham stimulation. Electrode impedance was kept
below 10 kΩ for all electrodes for all sessions.
Figure 3: tDCS paradigm. (A) Electrode configuration. Stimulating electrodes are shown in red; reference electrodes are shown in blue. (B) Schematic
representation of current modulation during the experiment. Simulated current flow estimated by HDExplore in (C) 3D view, (D) coronal view, and (E)
axial view. The y- and z-coordinates refer to the
slice location in MNI stereotaxic space.

computed based on maximum likelihood estimation
using the packages lme4 and lmerTest in R. Fixed factors’ significance was determined by Type III analysis of variance (ANOVA). Significant effects from
the ANOVA were followed by post-hoc pairwise contrasts on terms from the linear mixed effects model.
Significance of main effects and interactions was determined by adopting significance criterion of α =
0.05, with p-values based on the Sattertwaite approximation of the degrees of freedom.
3. RESULTS
Participants’ word identification accuracy was at ceiling (98% ± 2%). Correspondingly, we were interested
in speech processing efficiency, and the dependent
measure for this study was response time (Table 1).
Table 1: Identification of target words in isolation.
Mean ± s.d. response time (ms) in each stimulation
and variability condition.

Sham
Single-Talker 745 ± 104
Mixed-Talker 836 ± 122
Difference
91 ± 66

Anodal
700 ± 76
780 ± 87
79 ± 48

Cathodal
717 ± 85
805 ± 100
88 ± 82

Table 2: Identification of target words in connected
speech. Mean ± s.d. response time (ms) in each
stimulation and variability condition.

Sham
Single-Talker 679 ± 81
Mixed-Talker 708 ± 78
Difference
29 ± 49

Anodal
654 ± 75
702 ± 79
48 ± 51

Cathodal
645 ± 59
697 ± 58
52 ± 49

2.5. Data analysis

3.1. Interference effects of talker variability

Accuracy and response time data were analyzed for
each participant in each condition. Accuracy was calculated as the proportion of trials in which the participant correctly identified the target words out of the
total number of trials. Response times were log-transformed to approximate a normal distribution expected
by the model. Only response times from correct trials
were analyzed. Outlier trials deviating from the mean
log response time in each condition by more than
three standard deviations were excluded from analysis (< 1% of trials). Participants’ response times were
analyzed using linear mixed effects model with fixed
factors including speech context (isolated vs. connected speech), talker variability (single- vs. mixedtalker), and stimulation (anodal vs. cathodal vs.
sham), and with random effects including within-participants intercepts and slopes. Model fitting was

Response times in the single-talker conditions were
significantly faster than the mixed-talker conditions
under all three stimulation types (main effect of talker
variability; F(1,57) = 156.19; p ≪ 0.001). Response
times in the connected-speech conditions were significantly faster than the isolated-word conditions (main
effect of speech context; F(1, 57) = 98.15; p ≪ 0.001).
We observed a significant speech context × talker
variability interaction effect, such that listeners exhibited significantly more interference from talker
variability when identifying words in isolation than in
connected speech (F(1, 22275) = 89.74; p ≪ 0.001).
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3.2. Effects of neurostimulation on talker adaptation

Stimluation had no significant effect on overall reaction times (F(2, 57) = 1.03; p = 0.36). However, there

was a significant stimulation × speech context ×
talker variability interaction (F(2, 22275) = 10.66; p
< 0.01), indicating that the amount of interference imposed by processing mixed talkers (vs. a single talker)
during isolated words (vs. connected speech) differed
across the three stimulation conditions. Pairwise contrasts on the three-way interaction terms of the linear
mixed-effects model revealed that the talker-variability-by-speech-context interaction was significantly
greater under sham than either anodal stimulation (β
= 0.0038, SE = 0.0013, t = 2.97, p < 0.01) or cathodal
stimulation (β = 0.0034, SE = 0.0013, t = 2.65, p <
0.01). These three-way interactions reveal that the facilitatory effect that connected speech usually has on
reducing the interference effect of processing mixedtalker speech was diminished under active stimulation compared to sham (Fig. 4).
There was no significant effect of stimulation in
the isolated words conditions alone (sham vs. anodal
β = 0.014, SE = 0.018, t = 0.76, p = 0.45; sham vs.
cathodal β = 0.0023, SE = 0.018, t = 0.13, p = 0.90).
Figure 4: Mean interference effects of talker variability for isolated words (IW) and connected speech
(CS) in each stimulation condition. Error bars indicate standard error of mean across participants. The
interference effect is calculated as the scaled difference between the average response time in mixedtalker condition and the single-talker condition: 100
× [(mixed-talker) – (single-talker)] / (single-talker).

4. DISCUSSION
We investigated how noninvasive stimulation of left
superior temporal lobe influences the brain’s ability
to use preceding speech context to rapidly adapt to
talkers. Compared to sham, both anodal and cathodal
stimulation disrupted rapid talker adaptation in connected speech. However, there was no difference in

1420

the interference effect among the three different stimulation types when processing isolated words, suggesting that disruption of neurocomputational processes in left superior temporal lobe impairs the
brain’s ability to rapidly adapt to a talker, but not its
ability to adapt over longer timescales.
Previous fMRI studies have reported neural adaptation effects under tasks similar to our isolated-word
condition: reduced activation of superior temporal areas is found in single-talker blocks relative to mixedtalker blocks [21,23]. Extending upon these findings,
we observed that the reduction of the interference effect in connected speech but not isolated words was
attenuated by stimulation of left superior temporal
lobe. This result suggests that left superior temporal
lobe is causally involved in rapid integration of context information into the perceptual system during
connected speech. Thus, early integration of talker
and speech information [10] likely occurs in this region, where neural response differences between single- and mixed-talker speech likely reflects the additional neurocomputational demands deployed to process talker variability.
Left hemisphere tDCS only affected rapid talker
adaptation in connected speech, perhaps due to hemispheric differences in temporal integration of speech
information [24]. Future work will need to explore
whether and how tDCS of right superior temporal
lobe disrupts adaptation and on what timescale, and
what consequence, if any, stimulation of non-auditory
areas (e.g., prefrontal cortex) has on talker adaptation.
We also found no difference in the behavioral effect of stimulation between anodal and cathodal polarities, which are thought to increase and decrease
cortical excitability, respectively [19]. Although their
behavioral effects were similar, the mechanism by
which anodal and cathodal tDCS disrupt talker adaptation may differ: anodal stimulation may reduce balanced precision between excitation and inhibition underlying neocortical adaptation [22] resulting in less
precise re-tuning, while cathodal stimulation may reduce the magnitude of short-term plastic changes,
making them less specific [6].
Our findings demonstrate the potential for tDCS
as a research tool for exploring the functional neuroanatomy of speech perception, expanding its current
usage in research on higher-level language processing.
While other neurostimulation technologies, including
transcranial magnetic stimulation (TMS) have been
used in speech research, tDCS offers an advantage as
it does not produce the loud acoustic noise resulting
from the magnetic coils in TMS. tDCS can therefore
further be used to better understand the functional
neuroanatomical bases of communication disorders
such as dyslexia, where neural dysfunction in rapid
speech adaptation has been reported [21].
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ABSTRACT

original fieldwork. The results of this inspection
do not consistently support Jacobsen’s description of vowel harmony among current speakers,
but the 1950s generation gives results more consistent with the described harmony pattern.

Washo, a severely moribund language spoken
around Lake Tahoe in California and Nevada, is
reported to exhibit a case of diagonal vowel harmony where a prefixal vowel alternates between
[a] when the following vowel is /a/ or /o/ and [e]
when the following vowel is /e/, /i/, /1/, or /u/.
Drawn from archival recordings from the 1950s
and recent fieldwork from the 2000s, this study
reports the results of a cross-generational analysis of two Washo speakers, showing that the
speaker from the 2000s does not exhibit the same
prefixal vowel patterns as the speaker from the
1950s. The prefixal vowels for the speaker from
the 2000s seem to diverge according to the height
of the following stressed vowel, suggesting a potential reanalysis of the harmony pattern.

2. METHODOLOGY
2.1. Materials and speaker backgrounds

The materials for this study were drawn from
existing audio recordings of spoken Washo that
were recorded as part of fieldwork conducted
from 2005-2008 as well as Jacobsen’s original field recordings from the 1950s. The recent recordings were taken in a quiet room with
a Marantz PMD670 solid-state recorder and a
head-mounted microphone, at a sampling frequency of 44 kHz. Information about the equipment used by Jacobsen is not available, but the
audio quality of these recordings is such that
vowel formant information was readily identifiable.
Both sets of recordings consisted of elicited
texts, word lists, and grammatical notes. These
recordings examined in this study consist of
speech from two native speakers of Washo, both
female and over the age of 60 with no known
speech impediment. The 2000s speaker, RD,
was from Woodfords, California. The speaker
recorded in the 1950s, BH, was a relative of
RD. Aside from minor idiolectal variations, both
speak the same variety of Washo and both seem
to have the same level of fluency, given that RD
has previously been found to have retained many
of the same subtle phonetic alternations of the
language[6].

Keywords: Washo, vowel harmony, crossgenerational.
1. INTRODUCTION
Washo, a highly moribund language spoken in
the Lake Tahoe region of California and Nevada,
has a six vowel system (/i/, /e/, /a/, /1/, /o/,
/u/), and these vowels also contrast in length.
The language is described as having a regressive vowel harmony system that operates within
certain morphological contexts, such as the
3p.NOM/3p.POSS dE- and the imperative/3p.OBJ
gE- [3]. This prefixal vowel is the low vowel
[a] when followed by stressed /a/ or /o/ (e.g., daháNa “his/her mouth”, da-tóPo “his/her throat”)
but the mid-front vowel [e] when followed by
stressed /e/, /i/, /1/, or /u/ (e.g., de-k’étep “his/her
bottle”, de-gúPu “his mother’s mother”).
Recent field investigations suggest that data
from today’s speakers do not consistently reflect
the pattern described in [3]. The harmony pattern
is typologically unusual as the sets of conditioning vowels do not form natural classes according to any canonical harmonizing features. Thus,
this study aims to ascertain the empirical basis of
Washo’s vowel harmony system by reporting an
acoustic analysis of the system using data from
current speakers of Washo as well as data from
archived recordings of William H. Jacobsen’s

2.2. Procedure and measurements

For this analysis, a total of 778 tokens of unstressed [a] and [e] were examined acoustically,
including 535 from RD and 243 from speaker
BH. All tokens are drawn from words that were
(1) minimally disyllabic with (2) the pretonic
vowel being either [a] or [e] and (3) an immediately following stressed vowel. Due to the small
amount of data, instances of /1/ as the conditioning vowel have been excluded from this analysis.
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Tokens for examination were selected according to the above given criteria, then divided according to the presence (prefixal condition) or
absence (stem-internal, or “stem” condition) of
a morpheme boundary between the pretonic and
stressed vowels. This allows for comparisons
among the qualities of vowels in environments
where harmony is expected and where it is not.
All measurements were taken using Praat [2],
and initial segmentation was done using the
Montreal Forced Aligner [4], which was then
corrected manually for errors.

3.2. Regression analysis of data from RD and BH
together

Two linear mixed-effect regressions were constructed (one for each formant), examining the effect of the harmonizing condition (the Target*Stress Vowel interaction) on
the normalized F1 and F2 (zF1/zF2) for the
two speakers. The full models were constructed using the lme4 package [1] in R
[5] and were of the form: formant value
∼ TARGET*S TRESSED VOWEL*S PEAKER +
(1|W ORD) + (1|P RE C ONS) + (1|F O C ONS).
TARGET refers to the status of the pretonic vowel
as being a stem /a/, stem /e/, or a prefix vowel;
S TRESSED VOWEL refers to the quality of the
following stressed vowel as /a/, /e/, or /i/ (not
enough tokens involving stressed /o/ or /u/ could
be found for speaker BH in the stem-internal
contexts); W ORD controls for potential bias introduced by repeated instances of the same word
within the data; and P RE C ONS and F O C ONS
control for potential coarticulatory effects introduced by preceding and following consonants respectively.
Focusing first on the main effects, there is a
significant influence of the tonic vowels on the
pretonic ones along the F1 dimension (prefixal
vowel vs. stem /a/: β = -0.568, p < 0.001; prefixal vowel vs. stem /e/: β = -0.529, p < 0.001)
as well as the F2 dimension (prefixal vowel vs.
stem /a/: β = 0.911, p < 0.001; prefixal vowel
vs. stem /e/: β = 0.95, p < 0.001). There are significant two-way interactions between TARGET
and S TRESSED VOWEL, as well as their interaction with S PEAKER along the F2 dimension.
Fig 2 summarizes the three-way interaction between TARGET and S TRESSED VOWEL across
both speakers, using the ‘effects’ package in R.
The figure shows the model-predicted vowel formants for the target vowels (lexical /a/ (dashed
line), lexical /e/ (dotted line), or a prefixal vowel
(solid line)) before the stressed vowels.
Of particular interest is the behavior of the prefixal vowel (solid line). If the prefixal vowel
undergoes categorical vowel harmony as traditionally described, this line is expected to reach
values similar to lexical /a/ when the following
stressed vowel is /a/ and to lexical /e/ when the
following stressed vowel is /e/ or /i/. If there
were no vowel harmony, the solid line representing the prefixal vowels may fall somewhere between the other two lines (suggesting that the
prefixal vowels are somewhere between /a/ and
/e/), or it may be skewed toward only one of the
lines (i.e. they are either exclusively /a/ or exclusively /e/ regardless of the following stressed

3. RESULTS
3.1. Qualitative analysis

Fig. 1 shows the (Lobanov) normalized F1 and
F2 measurements of pretonic stem-internal /a/
and /e/ vowels (“Stem”) and prefixal vowels.
The following stressed vowel is indicated by the
label. The different shapes represent pretonic
stem-internal /a/ (circles) and /e/ (triangles).
Figure 1: Vowels in different pretonic environments by BH and RD. Prefixal vowels (that
is, vowels in the harmonizing condition) are in
black, while stem vowels are in gray. Stem
vowels /e/ are indicated by triangles while
/a/ are circles. Labels indicate the phonemic
value of the following stressed vowel, while
error bars indicate 95% confidence intervals.

The figure shows that speaker BH exhibited the
harmony pattern as described in earlier accounts.
The prefixal vowels for this speaker cluster into
two distinct groups. The cluster near steminternal /a/ are prefixal vowels before /a/ and /o/,
while the one near stem-internal /e/ are prefixal
vowels before /i/, /e/, and /u/. Speaker RD also
exhibited clustering, but her prefixal realizations
before /i/, /e/, /o/, and /u/ clustered together (near
lexical /e/), while realizations before /a/ are off in
the space of the stem-internal /a/, suggesting that
the speaker may have reanalyzed the pattern.
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internal /e/ (dotted line) in the other stressed
vowel contexts including when the following
vowel is /o/. This pattern is consistent with the
patterns observed in Fig 1.

Figure 2: Interaction between TARGET and
S TRESSED VOWEL in BH and RD along the
F1 (top) and F2 (bottom) dimensions.

Figure 3: Interaction between TARGET and
S TRESSED VOWEL in RD along the F1 (left)
and F2 (right) dimensions.

These results suggests that RD might have reanalyzed vowel harmony as strictly height such
that a stressed /a/ conditions a prefixal [a] while
the other non-low vowels condition the presence
of [e] in the prefixes.
vowel).
Overall, the interaction results suggest that
both speakers exhibit similar effects for this
subset of vowels. Along the F1 dimension,
both speakers show the prefixal vowel patterning
with stem-internal /a/ before /a/, but with steminternal /e/ before /e/ and /i/. The patterns along
the F2 dimension is more complicated. The difference between stem vowels in the /i/ context is
larger for BH than for RD such that the prefixal
vowel is not different from either stem-internal
/a/ or /e/ for RD. Nonetheless, the prefixal vowel
patterns more with stem-internal /e/ in the /e/ and
/i/ contexts than in the /a/ context for both speakers.

4. CONCLUSION
This paper offers a preliminary crossgenerational acoustic analysis of vowel harmony
in Washo. The analysis found support for
Jacobsen’s description of the phenomenon as
vowel harmony among data from a speaker
consulted in the 1950s, while the system seems
to have shifted for the speaker recorded in
the 2000s such that the prefixal [a] was only
conditioned by a following stressed /a/, while
all other vowels (including /o/) conditioned
[e]. These results suggest that vowel harmony
existed among Jacobsen’s consultants, but that
it may have been reanalyzed across generations.
Further analysis with a wider range of speakers
is needed to determine the robustness of these
effects, in particular with regards to the potential
reanalysis found within speaker RD’s data.
The value of acoustic corpora for analyzing
understudied and endangered languages (and in
fieldwork generally) is also highlighted by this
study. Archival records of native speakers are
valuable both for academic linguists to more
fully describe phonological distinctions that are
representative of the language and as records for
those outside of phonetics and phonology and
beyond the field of linguistics in general. Such
archives can be useful to speakers within the relevant language communities as educational resources, invaluable cultural archives, or both.

3.3. Regression analysis of speaker RD

The evidence thus far suggests that the two
speakers exhibited vowel alternations that are
consistent with previous descriptions. However,
when a fuller set of stressed vowel contexts are
considered, a more complicated pattern emerges.
Two separate regression models similar to the
ones above were constructed for the F1 and F2
values of RD’S pretonic vowels in five stressed
vowel contexts (i.e. /i, e, a, o, u/ rather than
the earlier /a, e, i/). Of particular interest is the
TARGET:S TRESSED VOWEL interaction. Fig 3
shows the model predictions concerning the nature of the interaction. The prefixal vowel (in
solid line) patterns with stem-internal /a/ in the
/a/ context (dash line), but pattern with stem-

1424

5. REFERENCES
[1] Bates, D., Maechler, M., Bolker, B. 2011. lme4
[r package] version 0.999375-38.
[2] Boersma, P., Weenink, D. 2017. Praat: doing
phonetics by computer [computer program]. version 6.0. 36.
[3] Jacobsen, W. H. 1964. A grammar of the Washo
language. PhD thesis University of California,
Berkeley.
[4] McAuliffe, M., Socolof, M., Mihuc, S., Wagner, M., Sonderegger, M. 2017. Montreal Forced
Aligner [computer program].
[5] R Core Team, 2018. R: A Language and Environment for Statistical Computing. R Foundation
for Statistical Computing Vienna, Austria.
[6] Yu, A. C. L. 2008. The phonetics of quantity alternation in Washo. Journal of Phonetics 36(3),
508–520.

1425

LOSING ONE ALLOPHONE AT A TIME: AN ACOUSTIC AND STATISTICAL
STUDY ON MAPUDUNGUN’S SIXTH VOWEL
Daniela Mena, Mauricio Figueroa, Brandon Rogers, and Gastón Salamanca
Universidad de Concepción, Universidad de Concepción, Ball State University, Universidad de Concepción
danielamena@udec.cl, maufigueroa@udec.cl, bmrogers@bsu.edu, gsalaman@udec.cl

ABSTRACT
1.2. Vowel system: main controversies

This study focuses on the mid-central vowel /ə/ in
Mapudungun, the largest Amerindian language
spoken in Chile. Although most studies agree that
phonologically Mapudungun has 6 vowels and that
/ə/ has two allophones, [ɯ] and [ə], there is no
consensus on which variables are better at
explaining /ə/’s variability, its underlying
representation, or even whether the existence of both
[ɯ] and [ə] are justified. To investigate this,
statistical models were built to evaluate the effects
of stress, position of vowel in word, and phonetic
context on normalized F1, F2 and F3 values from
791 tokens of /ə/. While the acoustic data shows that
there is considerable overlap of the vowel space of
/ə/ and that of other vowels, analyses showed that,
contrary to expectations, there is not sufficient
evidence to justify the existence of two allophones,
which we interpret as indicative of the loss of
vitality of /ə/.
Keywords: Mapudungun, schwa, sixth vowel,
vowel system, linear mixed models
1. INTRODUCTION
1.1. About Mapudungun and its speakers

Mapudungun is an agglutinative and polysynthetic
language ([27]), and classified as an isolate language
([23]). The number of speakers ranges between
140,000 and 400,000 people ([32]), mainly
concentrated between the Biobío and Los Lagos
Regions of central-southern Chile. From a
sociolinguistic standpoint, the vitality of the
Mapuche language is considered to be seriously
threatened ([12]). According to official estimates,
the percentage of Mapuches that are not proficient in
Mapudungun is 80%, although it is still possible to
find proficient speakers of all ages in Alto Bío-Bío,
to the east of the region ([12], [18]), and the area of
interest in this study.
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The phonological vowel system of Mapudungun
consists of /i, e, a, o, u/ and a “sixth vowel”,
sometimes represented as a close back unrounded
/ɯ/ (e.g., [21]) and sometimes as /ə/ (e.g, [13]). In
his dictionary of Mapudungun, [7] asserts that there
are in fact 7 vowels, with /ə/ and /ɯ/ being
phonemes.
However,
posterior
studies
overwhelmingly agree that there are six. Regarding
the allophones of this sixth vowel, [8] proposes [ə]
and [ɯ]; the first one is posited to occur in
unstressed syllables and the second one in stressed
ones. [26], [28], [24], [31] and [25] agree on this
description, but suggest that their occurrence is not
determined by stress. According to [26], [ɯ] is
found in the syllabic onset, whereas in word-final
position [ɯ] alternates with [ə]. [16] suggests that
[ɯ] appears word-initially and in stressed syllables,
while [ə] only occurs in unstressed syllables. [24]
and [25] claim that [ɯ] only occurs word-initially,
while [ə] alternates with [ɯ] in final position. [23]
distinguishes between a central close-mid unrounded
[ɘ] (closer to [ə]), which occurs in stressed syllables,
and a central close lowered unrounded [ ] (closer to
[ɯ]). Finally, [29] point out that [ɯ] occurs wordinitially, but also after velar and retroflex
consonants, while [ə] occurs in all other contexts.
Regarding quantitative evidence, relatively few
studies have provided the result of acoustic
measurements to support their findings regarding the
size and nature of Mapudungun's vowel inventory,
and those that do, tend to only include mean F1 and
F2 values, often non-normalized ([9], [19], [4],
[30]).
1.3. The proposal

Our proposal consists of assessing whether acoustic
evidence obtained from /ə/ justifies the hypothesis of
two allophones ([ɯ] and [ə]), and whether the
variability of the data can be explained as an effect
of the linguistic variables stress, position of the
syllable within the carrier word and phonetic
context.

2. METHODS
Recordings were made of the speech of 10
participants (5 males, 5 females), adult native
speakers of Mapudungun from the Alto Biobío
region. Recordings were conducted using a Tascam
DR-100 digital recorder, set at a 44.1 kHz frequency
rate and a 16 bit depth, in WAV mono format.
Recordings were carried out in the participants’
places of residence, and, when possible, external
noises were minimized. Recording conditions were
far from optimal, but an evaluation of the signal-tonoise ratio showed that the signals were adequate for
a study of the spectral characteristics of vowels ( =
35.01 dB, σ = 4.75 dB). Regarding the task, subjects
were asked to translate Spanish words into
Mapudungun from a lexical list, loosely based on the
one applied previously by [6].
The resulting signals were segmented and labelled in
TextGrids of Praat ([3]). Each word was labelled in
Spanish and in Mapudungun. All vowels were also
segmented and labelled phonologically, as one of
only 6 phonological categories, following expected
realizations reported in previous studies (e.g. [6]).
We chose to use the phonological representation of
the vowels instead of the actual phonetic realization
to avoid assuming the existence of two allophones of
/ə/, which is a bias that has not been controlled in
other recent studies (e.g., [30]). Using phonological
categories has the additional advantage of revealing
atypical realizations and the degree of overlap
between phonological categories. Mean F1, F2 and
F3 were measured at the internal 50% duration of
each token, using Formant objects in Praat, which
were created with a maximum frequency value of
5500 Hz for females and 5000 for males.
All vowels were also coded for stress. Phonetic
context and Position within word were only coded
for instances of /ə/. In the case of stress, each vowel
was classified as belonging to a stressed or
unstressed syllable; in the case of phonetic context,
the vowel was classified as following an anterior,
retroflex or posterior consonant, or a silent pause.
Finally, in the case of position within word,
instances of /ə/ were classified as being either in the
word-onset, word-final, syllable-final (but not wordfinal) position or as “other”.
3. RESULTS
In total, the corpus comprised 4423 tokens. A
preliminary inspection of the data revealed the
presence of some outliers that clearly were the result
of measuring errors. These outliers were removed
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using the criteria of 2.5 absolute deviations from the
mean, which is considered a conservative approach
([17]). After removing the outliers, the corpus was
reduced to 4261 tokens. F1, F2 and F3 values were
then normalized using the algorithms from Nearey 1
([20], [1]).
A summary of the data can be seen in Figure 1, in
which the normalized F1 and F2 values of /i, e, ə, a,
o, u/ are represented in a vowel space. As can be
seen, an important overlap exists between
phonological categories, and particularly so in the
case of /ə/. It is relevant to highlight that the plot
does not show too many instances of [ɯ], which, if
truly high back unrounded, should be located in
close proximity to instances of [u] ([22]).
Figure 1: Vowel plot of the normalized F1 and F2
values of /i, e, ə, a, o, u/ (ellipses represent 68.3%
confidence intervals from the true mean). Labels of
each token were drawn from the phonological
expectation for each segment, not from the phonetic
realization. The mean of each phonological unit is
shown with its corresponding symbol in a larger font
size.

In order to evaluate the effect of the linguistic
variables in the acoustic values of /ə/, a subset was
created, containing only 791 tokens. Separate linear
mixed models were built to evaluate the effect of the
fixed factors stress, position of vowel in word and
phonetic context on normalized F1, F2 and F3, using
the lmer function in the lmerTest package in R
([14]). We also tested all relevant interactions, and
“participant” was included as a random effect.
Following [5], a stepwise procedure was used to
build the models: first, a null model with the
dependent variable and the random effect was
created and then the independent variables were

included and kept only when they significantly
improved the model, as judged by an analysis of
variance function (anova). Type-II analyses-ofvariance tables for the main effects and interactions
of each model were produced via the Anova function
from the car package ([11]) and via de ranova
function from the lmerTest package.
In the case of F1, including independent variables
did not significantly improve the null model,
suggesting that no linguistic variable explains the F1
variability found in the data.
The best fit mixed-effects model for F2 is shown in
Table 1. According to this model, there is a main
effect of the independent variables stress and
phonetic context on the normalized F2 values of /ə/,
as well as a significant interaction between them.
Including position within word in the model did not
improve the model. In the case of stress (χ2 (1) =
10.911, p < 0.001), stressed instances of /ə/ display
significantly higher F2 values than non-stressed
tokens. As to phonetic context (χ2 (3) = 111.582, p <
0.001), tokens of /ə/ located after posterior
consonants (reference level) display significantly
higher F2 values than those located after anterior
and retroflex consonants. Finally, in the case of the
interaction between stress and phonetic context (χ2
(3) = 21.184, p < 0.001), F2 values of posterior and
non-stressed instances of /ə/ (reference level) are
significantly higher than those stressed variants
located after anterior, retroflex and following silent
pause. The particulars of the interaction between
stress and phonetic context can be visualized in
Figure 2. As illustrated, F2 is higher in stressed
instances; however, when F2 values of stressed and
unstressed instances of /ə/ are compared for each
level of phonetic context independently, the
differences are not statistically significant only when
the vowel is after retroflex consonants (this was
evaluated via Bonferroni-corrected t tests, not
reported here). It is important to note that the only
case in which the values of F2 are significantly
lower in stressed vowels when compared to
unstressed ones is after silent pauses.
Table 1: Best fit mixed-effects model for F2,
including stress and phonetic context as main effects,
and subject as a random effect.
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Fixed Effects

Coefficient

Standard
Error

t-value

p-value

Intercept

1.26700

0.02111

60.020

< 0.001

0.02519

4.435

< 0.001

Stress
No stress

(ref. level)

Stressed

0.11174

Phon. context
Posterior

(ref. level)

Anterior

-0.12038

0.01885

-6.384

< 0.001

Retroflex

-0.08484

0.03901

-2.175

< 0.05

Silent pause

0.03363

0.03772

0.892

= 0.37285

Stress * Context
Post. / Unstr.

(ref. level)

Ant. / Stress

-0.07753

0.02966

-2.614

< 0.01

Retr. / Stress

-0.11699

0.04978

-2.350

< 0.05

Pause / Stress

-4.255

< 0.001

-0.28698

0.06744

Random
Effects

Loglikelihood

Degrees of Likelip-value
Freedom hood ratio
test stat

Participant

231.42

1

32.097

< 0.001

For F3, the best fit mixed-effects only had a main
effect for phonetic context (χ2 (3) = 49.777, p <
0.001). The results show that when instances of /ə/
are located after anterior consonants, they display
significantly higher values than those located after
posterior consonants (reference level), and that those
located after retroflex consonants display
significantly lower values than the reference level.
Figure 2: Box plots of normalized F2 organized by
the interaction between stress and phonetic context.
The first number corresponds to stress (0 =
“unstressed”, 1 = “stressed”) and the second to
phonetic context (1 = “following anterior consonant”,
2 = “following retroflex consonant”, 3 = “following
posterior consonant”, 4 = “following silent pause”).

3. DISCUSSION
The results showed that no independent variable was
able to explain the variability of F1 despite the fact
that previous studies had singled out these variables
as relevant for /ə/ (e.g., [23]). Although no effect
was found, some variability is apparent in that
domain (see Figure 1), which is indicative of height
differences in the realizations of /ə/. These results
suggest that, in our data, height differences vary
freely, at least in relation to linguistic factors,
although perhaps sociolinguistic variables, currently
undocumented, are able to explain some of the
variability found in F1.
When considering the same variables in F2, there
was a significant main effect for stress and phonetic
context, but no effect for position within word.
Regarding stress, the results showed that stressed
syllables favour higher F2 values. Since higher F2
values correlate with more fronted realizations ([2]),
it is possible to assume that stress favours more
fronted realizations of /ə/, although most instances
of /ə/ are probably better categorized as central,
given their position in the vowel space (see Figure
1). This finding contradicts the previous consensus
which states that [ɯ] is more frequent in stressed
syllables (e.g., [8]), and probably suggests a process
whereby all variants of /ə/ are converging to central
realizations. However, as the interaction between
stress and phonetic context shows, the tendency to
have higher F2 values in unstressed syllables is
reverted when /ə/ is articulated after stressed silent
pauses. Only in this context, does the data match
previous accounts. With respect to the main effect of
phonetic context, instances of /ə/ displayed lower F2
values after anterior and retroflex consonants (when
compared to after posterior consonants, the reference
level), suggesting that more anterior phonetic
contexts facilitate more posterior realizations of the
vowel, and vice versa, again, contradicting previous
accounts whereby retroflex and more posterior
contexts facilitated posterior realizations of /ə/ ([29])
If the vitality of /ə/ is indeed at risk, it makes sense
that it would not be produced in an articulatorily
consistent region of the vowel space. This creates
the possibility of “target overshoot” ([10]). If the
productions of the 6th vowel are simply “centralized”
realizations,
without
concrete
articulatory
specifications with relation to a point of articulation
along the anterior-posterior continuum (as shown in
Figure 1), it is entirely possible that speakers realize
more backed productions following more fronted
segments. This occurs because it is only necessary
for the tongue to move from the more anterior
position of the preceding segment back toward a
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generalized central zone. The opposite can occur as
well with posterior preceding segments. In other
words, from the posterior position of a more backed
segment, the speaker simply attempts to move the
tongue forward to a less specified central region of
the mouth. As a consequence of articulatory habit,
the lack of the need for a high degree of articulatory
precision, and the fact that the vowel space of /ə/ is
not shared with other phonological vocalic units in
Mapudungun, the tongue “overshoots”.
Regarding the interaction between stress and
phonetic context, as already mentioned, when a
stressed vowel occurs after anterior, posterior, or
retroflex consonants, F2 tends to be higher, with the
exception of those instances following silent pauses,
in which the inverse is the prevailing tendency
(unstressed instances of /ə/ display higher F2
values). Previous studies have reported that after a
pause or a stressed syllable, productions of /ə/ tend
to be higher and backed. The only context that
provided evidence for the high backed productions
was when /ə/ was in a stressed syllable following a
silent pause. This might be a remaining vestige of
[ɯ], given that this particular context would be
highly resistant to change due to the marked nature
of the phonetic context itself, as well as the likely
tendency of speakers to expend more articulatory
energy to stress syllables after silent pauses.
In the case of F3, the only variable that had a
significant effect was phonetic context. The
frequencies of this formant are lower when the
vowel occurs after a retroflex consonant. This is the
result of coarticulation given the direct relationship
between the elevation of the tip of the tongue in
retroflex realizations and the low frequency of F3
([15]).
Taken together, the present data do not support the
hypothesis of [ɯ] for several reasons. First, there
was a notably high level of variability in the central
region of the vowel space along the horizontal axis
and not enough high measurements to justify the
possibility of a higher allophonic variant. Second,
there was notable evidence for F2 “target-overshoot”
and the trajectory of the data was contrary to
previous studies. The only possible evidence for /ɯ/
was found strictly in stressed syllables following
silent pauses. Given the above, we conclude that
there is a single [ə] allophone of a phonological unit
that is better represented as /ə/. This can be
interpreted as further evidence of the loss of vitality
of an aspect of the Mapudungun phonological and
phonetic inventory, possibly due to contact with
Spanish, whose phonological inventory lacks /ə/.
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ABSTRACT
The principle which underlies modern Mongolian
vowel harmony has been a matter of dispute. Many
recent studies insist that the harmonic sets of vowels
are phonetically distinguished in terms of the tongue
root position (i.e., the size of the pharynx), while the
distinction has been traditionally described by
backness of the tongue.
As no crucial articulatory evidence has been
provided so far, we investigated this problem using
real-time magnetic resonance imaging. In this paper
we present robust physiological evidence that the
two harmonic sets of vowels can be distinguished in
terms of size of the pharynx and degree of tongue
height in modern East Mongolian.
Keywords: Mongolian, vowel harmony, Expanded,
ATR, MRI
1. INTRODUCTION

In suffixation, for example, the harmony is realized
by choosing either member of each pair of vowels
for suffixes, which is determined by the category of
vowels in a stem. E.g.,
[−back] vocalic stem

üje-gde-gsen-dür
to see-PASS-PST-LOC

[+back] vocalic stem

yabu-gda-gsan-dur
to go-PASS-PST-LOC

1.2. Modern Mongolian vowel harmony

The modern Mongolian language dealt with here is
the Bārin dialect, which is a variety of East
Mongolian spoken in the south-eastern part of the
Inner Mongolian Autonomous Region in China.
The Mongolian vowels in Figure 2 employ the
traditional Roman transcription system widely used
in Western scholarship along with the corresponding
modern Bārin vowels in parentheses transcribed
with IPA symbols1.

1.1. Vowel harmony

Vowel harmony is a phonological process that
restricts the occurrence of vowels within a
morphological unit such as a word. In the typical
“Altaic-type” vowel harmony, the main principle
that underlies the process had been considered to be
backness of the tongue, and this harmony process is
called palatal harmony, which only allows either
[+back] vowels or [−back] ones within a
morphological unit.
For example, Middle
Mongolian has seven vowels, and six of them,
excluding the neutral vowel i, harmonize within a
word or a word plus suffixes (Figure 1).
Figure 1: Harmonic sets of Middle Mongolian
vowels (Three harmonic pairs are shown with
dotted lines.)

i

ü
e

u
ö

o
a

[−back]

[+back]
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Figure 2: Mongolian vowels

i [i]
e [ɤ]

ü [u]
2

u [ʊ]

ö [o]

o [ɔ]
a [ɑ]

3

Modern Mongolian has vowel length contrast and all
seven vowels have their long counterparts with the
same phonetic values. As can be seen from the
phonetic symbols in Figure 2, modern Mongolian
has undergone a great vowel shift [12][13]. The
vowel harmony pairs, however, have been
maintained irrespective of the change in phonetic
value.
It is difficult to describe the so-called “palatal
harmony” in terms of backness of the tongue in
modern Mongolian. Many recent studies insist that
advanced tongue root (ATR) is the feature that
governs the harmony process. Based on X-ray
photography, Chinggeltei and Sinedke [2] found as
early as 1959 (i.e., several years before similar
studies on vowels of West African languages such as
Ladefoged [6] and Stewart [11]), that the position of

the tongue root is the major difference between the
two vowel harmony sets in Mongolian.
Unfortunately, they did not, or could not, include Xray photos in their article, and the original X-ray
films seem to be lost. According to Svantesson et al.
[13], similar results were reported by Buraev [1] for
Buriad, a Mongolic language in South Siberia, and
by Möömöö [10] for the Khalkha dialect of the
Mongolian language spoken in Mongolia.
Svantesson et al. [13], as well as Svantesson [12],
supports the tongue root theory for East Mongolian
including Khalkha and Inner Mongolian dialects
from an acoustic phonetic viewpoint, stating that
“the second member of each pair [u ~ ʊ], [o ~ ɔ],
and [e ~ a]4 has consistently higher F1 and normally
lower F2 than the first member.” Jōo conducted
some acoustic, physiological (phonolaryngographic),
and auditory (electroencephalographic) experiments
on modern Mongolian vowel harmony mainly from
the 1990s. Jōo [5] calls it “radial harmony” from an
acoustic phonetic point of view, drawing spoke-like
lines radiating from one point by linking members of
each harmonic pair on F1-F2 diagram. He says that
his acoustic data suggest articulatory difference in
backness and height of the tongue, but provide no
positive evidence for pharyngeal harmony.
The purpose of our study is to investigate modern
Mongolian vowel articulations to find out if there
is/are any common feature(s) which could be a
phonetic basis for the distinction of the vowel
harmony sets.

syllables (Table 1). A frame from each movie at a
point closest to the middle of each vowel, which
should show vowel articulation least affected by
adjacent consonants, was chosen for measurements.
Table 1: Minimal and quasi-minimal pairs of words
selected for the present study6
Vowels

Words

a/e
em
am
ger
gar
damjix demjix
xelex
xalax
gerīg
galīg
xerē
xarā
ēlj
ālj
nēx
nāx
irēd
yïrād
üdlē
udlā

om
xor
tosol
nogō
ō
ōč
tō
tōl

o/ö
öm
xör
tösöl
nögȫ
ȫ
ȫč
tȫ
tȫl

ul
udlā
ujūr
ūr
dū
nūr
bïlū

u/ü
ül
üdlē
üjǖr
ǖr
dǖ
nǖr
bilǖ

2.2. Measurements

Measurements of x- and y-coordinate values were
made at the following points for each vowel using an
image processing programme, ImageJ (Ferreira and
Rasband [3]). These measured points are shown
with dots in Figure 3.

Figure 3: Measured points
0

256

2. METHOD
 




2.1. Data

MRI movies of 694 words uttered by a native
speaker of the Bārin dialect5 (194 words uttered
three times each and the remaining 500 uttered once)
were recorded at the Brain Activity Imaging Centre
(BAIC) of ATR-Promotions, an affiliate company of
ATR (Advanced Telecommunications Research
Institute International) using 3T MRI system
(Siemens MAGNETOM Prisma fit 3T). Recordings
of articulatory movements in the midsagittal plane
were made with FLASH sequence with acceleration
factor 3. Spatial resolution was 256×256 pixels, and
1 pixel corresponds to 1 mm in length. Slice
thickness was 10 mm, and temporal reconstruction
rate was 14 frames per second.
A total of 166 vowels in minimal and quasiminimal pairs of words were selected for the present
study. Short vowels in non-initial syllables, which
are all reduced in modern Mongolian, were excluded.
The vowels investigated were short vowels in initial
syllables and long vowels in initial and second
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(MP1) The point on the pharyngeal wall at the
intervertebral disc between the third and fourth
cervical vertebrae (C3-C4) and its opposite point
across the pharynx on the surface of the tongue
root with the same y-axis value
(MP2) The point on the pharyngeal wall at the
intervertebral disc between the second and third
cervical vertebrae (C2-C3) and its opposite point
across the pharynx on the surface of the tongue
root with the same y-axis value

(MP3) The highest point of the tongue
The “backness” of vowels in articulatory
phonetics is not defined by physiological criteria
alone, but to see the differences in shape of the
oral cavity, we measured the highest point of the
tongue for each vowel. In our MRI pictures the
rear surfaces of the third and fourth cervical
vertebrae are nearly vertical (horizontal in supine
position), and, therefore, the tongue’s highest
point was tentatively determined to be the closest
point on the surface of the tongue to the zero
point on the y-axis.
3. RESULTS
Independent two-tailed t-test was performed on the
average values of x-axis at MP1 and MP2 and of xand y-axis at MP3 for each vowel. The results are
shown in Table 2.

we employ the term [±Expanded], which is more
appropriate than the term [±ATR] for the description
of modern Mongolian vowel harmony in terms of
pharynx size, although the expansion of the pharynx
is mostly made by the forward movement of the
tongue root.
3.2. Highest point of the tongue

The average x- and y-axis values of the highest point
of the tongue (Lx and Ly at MP3 in Table 2) for
each vowel and their 95% confidence intervals are
plotted on a graph in Figure 4.
Figure 4: Mean location of vowels with 95% confidence
interval
(A dotted line drawn parallel to x-axis on the graph
separates the two sets of vowels.)

Table 2: Average x- and y-axis values and statistics


The members of each harmonic pair are
significantly different in tongue height at the
significance level of .0001, and the two harmonic
sets can be distinguished in terms of tongue height.
As for backness of the tongue, the difference
between o and ö is not significant, and the two
groups of vowels cannot be separated on the basis of
backness of the tongue.

Lx : X-value of the tongue surface
Ly : Y-value of the tongue surface
Px : X-value of the pharyngeal wall
Significance levels:
****p < .0001, ***p<.001, **p<.01, *p<.05

3.1. Size of the pharynx

The distance between the pharyngeal wall and the
tongue root in the midsagittal plane was calculated
from the measurements at two positions, MP1 and
MP2.
The large positive values of the difference in Lx
at MP1 and MP2 (3.6-11.8 mm) between members
of each harmonic pair in Table 2 show that the
tongue root is advanced in e, ö, and ü. In addition,
as the small negative values of the difference in Px
at MP1 and MP2 (0.5-2.0 mm) indicate, the
pharyngeal wall is slightly pulled backward at the
same time in their articulation. This means that the
pharynx is expanded in e, ö, and ü, but it is not so in
a, o, and u. Therefore, following Lindau [8], etc.,
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4. CONCLUSION
Our data show that the two harmonizing sets of
modern Mongolian vowels can be distinguished by
two articulatory features: the existence and nonexistence of expansion of the pharynx by
advancement of the tongue root (ATR) and
retraction of the pharyngeal wall; and degree of
tongue height (See Figure 5 for MRI pictures).
From the results of the above measurements, our
view at this stage of the study is that the size of the
pharynx is the major factor and the difference in
tongue height is an accompanying effect of tongue
root movement, taking the degree of difference in
vocal tract shape into consideration.

Figure 5: MRI photos of the articulations of three
harmonic pairs of vowels
[−Expanded] pharynx
lower tongue position

a [ɑ]

[+Expanded] pharynx
higher tongue position



e [ɤ]





o [ɔ]



ö [o]
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1

As a result of umlauting, etc., some additional vowels with
different phonetic values emerged in modern dialects. However,
they do not concern us here in the present study.
2
The symbol [ə] is used in Inner Mongolian academic literature.
3
The symbol [ɐ] is used in Inner Mongolian academic literature.
4
The phonetic value of the original e is not [ɤ] but [e] in
Khalkha.
5
A female speaker born in 1968 in Ulānxada (Chìfēng), Inner
Mongolia, and brought up there.
6
Thirty-two, 27, and 24 pairs of words were selected for a/e, o/ö,
and u/ü respectively. All words were uttered three times, but
two utterances each were used for the words nāx and nēx.
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2. METHOD

ABSTRACT

2.1. Data Collection

This study provides a formant analysis of the ten
monophthongal vowels /i, y, e, ø, E, W, u, È, o, A/,
of Northern Lisu, a Tibeto-Burman language spoken
around the borders of China, Myanmar and India.
Word-list recordings were made of 8 native speakers from Yunnan province in China (4 female and 4
male). Results show differences in vowel realization
between the male and female speakers, with female
speakers and not male speakers merging the contrast
between /e/ and /ø/. However, both sets of speakers show evidence of merger between /u/ and /y/,
and /W/ and /È/. This study provides evidence for
the instability of the secondary cardinal vowels in a
complex monophthongal vowel space.

Data were collected from eight participants (4 female and 4 male) in Kunming, the capital of Yunnan Province in China. All participants were native
speakers of Northern Lisu, from Nujiang Lisu Autonomous Prefecture. They were all university educated, living and studying in Kunming, and aged
between 20 and 22 years.
Recordings were made in a quiet room, using an
H4n Zoom with a sampling rate of 48kHz, with one
exception where the battery had run low and the
Zoom auto-lowered the sampling rate to 44.1kHz.
Participants were asked to give three repetitions of
each word in a list obtained from the Dictionary of
the Northern Dialect of Lisu [2]. Due to participants
occasionally producing either more or fewer repetitions of a target word than was requested, in total
920 vowel tokens were analysed for this study.

Keywords: Acoustic phonetics, Tibeto-Burman
languages, Northern Lisu, vowels.

2.2. Segmentation and Analysis

1. INTRODUCTION

The recordings were manually segmented and labelled using Praat [1].
Using the emuR package [7] in R [5], formant
values were extracted at vowel midpoints and then
plotted with the phonR package [4]. Outliers, such
as where a formant was listed as 0Hz, were doublechecked manually and corrected using Praat, where
this was required.

Lisu is a Tibeto-Burman language, spoken in Northeast India, Northern Myanmar, Southwest China,
and Thailand [8]. The main dialects of Lisu are
Northern, Central, and Southern, and it is related to
the languages Lahu, Jingphaw, and Yi [3].
Northern Lisu is spoken in and around the
Nujiang Lisu Autonomous Prefecture, in Western/Northwestern Yunnan Province, China [2].
Maximally, the Lisu vowel system has ten monophthongal vowels /i, y, e, ø, E, W, u, È, o, A/, in Central Lisu [3][6]. Northern Lisu displays merging of
the front rounded vowels with others; /y/>/u/ and
/ø/>/e/, while the distinction between /W/ and /È/ is
marginal in this variety [3].

3. RESULTS
Figure 1 shows the average female and average male
speakers on the one plot. However, the shapes and
relative locations of each vowel in the space is generally similar. One point to note, here is the relative
lowering of /E/ for female speakers. A similar phenomenon can be seen for female speakers of Central
Lisu [6].

This study presents an acoustic phonetic analysis of the vowel space of Northern Lisu. The front
rounded vowels have been treated as separate in the
analysis, to see to what degree this merger is present.
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The vowel, /y/ sits back in the vowel space, for all
of the female participants. However, it appears to be
produced slightly further forward than /u/.
The vowels /È/ and /W/ are both produced quite
centrally. Additionally, speakers four, seven, and
eight produce both these vowels in very similar
areas, while speaker six separates the two only
slightly.

Figure 1: Northern Lisu vowel spaces for males
and females

Figure 3: Northern Lisu vowel space for male
speakers

Figures 2 and 3 show the vowel spaces of female
and male speakers of Northern Lisu.
Figure 2: Northern Lisu vowel space for female
speakers

The vowel spaces for the male participants is similar to the females’ vowel spaces. For all speakers,
/i/ is higher than /e/. The vowel /ø/ is quite central
for most male speakers, except for speaker five, who
produces it further forward in his vowel space, but
still back from his production of /e/.
Both the vowels, /E/ and /A/ are noticeably lower
than /e/, for speakers one and five. However, speakers two and, in particular, three, produce an /E/ which
is closer to their production of /e/. All male speakers
produce an /A/ which is further back in their vowel
space than their /E/. And, while most speakers produce /A/ lower than /E/, speaker one’s /E/ is the lower
of the two.
The vowel, /o/ is higher and further back in the
vowel space than /A/, for all speakers. And it is a
little lower and further back than all male speakers’
productions of /u/.
As with the female speakers, /y/, sits further back
in the vowel space than /i/, with all male speakers
producing this vowel very similarly to /u/. However,
speaker one produces this vowel slightly closer to /o/
than /u/.
The vowel /È/ is produced quite centrally for all
speakers, with speaker three producing this vowel
slightly further back and higher than the other three
male speakers. However, unlike the female speakers, the close, back, unrounded vowel, /W/ doesn’t

As can be seen in figure 2, the vowel /e/ is lower
and further back in the vowel space than /i/, for
all speakers. Its rounded counterpart, /ø/, however,
doesn’t always pattern with /e/. For speaker four, /ø/
is produced very near to /e/. Speaker six produces /ø/
higher than both /i/ and /e/. For the other two speakers, seven and eight, /ø/ is produced more centrally,
patterning near to /È/ and /W/.
The vowels /E/ and /A/ are both noticeably lower
than /e/, with /A/ lower again and further back in the
vowel space.
The vowel, /o/ is much higher in the vowel space
than /A/, clustering just below and slightly further
back in the vowel space where most speakers’ productions of /u/ sits.
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from /e/. However, to get a fuller picture of the similarity of these two vowels, we must also consider
F3, as this correlates to degree of lip rounding, and
that is the typical difference between vowels /e/ and
/ø/.

pattern for the male speakers as closely to /È/. The
location of this vowel for each speaker is fairly central in a front/back sense, but varies in height, with
speaker three producing this vowel almost as high
as his /i/, speaker two producing a lower /È/ than
speaker three, and speaker five lower than speaker
two, with, finally, speaker one producing /È/ lowest
of the four male participants.

Figure 6: Box plot of F3 values of Lisu speakers’
production of /e/ and /ø/

3.1. Vowel Mergers

Figures 4 and 5 display the ellipse plots of participants’ productions of /e/ and /ø/.
Figure 4: Ellipse plot of female Lisu speakers’
production of /e/ and /ø/

It can be seen in figure 6 that the F3 for these vowels has a high degree of similarity for female speakers. The male speakers, however, appear to differentiate /e/ and /ø/ in both the F1/F2 plane and in F3.
Male production of /ø/ is comparatively retracted in
the vowel space from /e/, and displays lower F3 values, which may be expected to correlate with liprounding.
Figure 5: Ellipse plot of male Lisu speakers’ production of /e/ and /ø/

Figures 7 and 8 are the ellipse plots of participants’ profuction of /y/ and /u/.
Figure 7: Ellipse plot of female Lisu speakers’
production of /y/ and /u/

It is clear that, despite the apparent distance between these two vowels for female speakers in figure
1, there is a large degree of overlap for these vowels in the F1/F2 plane. Meanwhile, Male procudtion
of /ø/ is comparatively retracted in the vowel space

As these plots show, there is a large degree of
overlap in production of /y/ and /u/, for both male
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while the mean F3 for /W/ is 2,880Hz with a standard deviation of 136.7Hz.

Figure 8: Ellipse plot of male Northern Lisu
speakers’ production of /y/ and /u/

Figure 10: Ellipse plot of male Northern Lisu
speakers’ production of /W/ and /È/

and female speakers of Northern Lisu. F3 values
for these vowels display little difference for both female and male speakers. The mean F3 for female
speakers’ /u/ is 2,767Hz with a standard deviation of
224.5Hz and for /y/ is 2,851Hz with a standard deviation of 196.9Hz. The mean F3 for male speakers’
/u/ is 2,483Hz with a standard deviation of 184.1Hz
and for /y/ is 2,517Hz with a standard deviation of
269.3Hz.

As can be seen by figure 10, there is some overlap
in the production of these two vowels. However, it is
not as great as the female speakers’ production. F3
measurements for male speakers show little difference in lip-rounding between the two vowels. The
mean F3 for /È/ is 2,441Hz with a standard deviation
of 265.1Hz, while the mean F3 for /W/ is 2,486Hz
with a standard deviation of 231.5Hz.

Figures 9 and 10 are the ellipse plots of participants’ productions of /W/ and /È/.

4. CONCLUSION

Figure 9: Ellipse plot of female Northern Lisu
speakers’ production of /W/ and /È/

The acoustic properties of the vowel spaces for male
and female Northern Lisu speakers have been presented. Plots displaying the degree of overlap in
the vowels /e/ and /ø/ indicate that this merger is
very nearly complete for female speakers, but male
speakers appear to still maintain a distinction on
these two vowels. Plots displaying the degree of
overlap in the vowels /y/ and /u/ indicate that this
merger appears to be complete for both female and
male speakers, though there are some outliers in
/y/ production for female speakers. Finally, plots
displaying /W/ and /È/ indicate that this marginal
distinction described in [3] appears to be merging
for female speakers, while male speakers appear to
maintain a marginal distinction. However, perceptual research is needed in order to better understand
the extent.

It is clear from figure 9 that there is very little difference in production of /W/ and /È/ for all female
participants involved in this study. F3 measurements
for female speakers also show little difference in liprounding between the two vowels. The mean F3 for
/È/ is 2,879Hz with a standard deviation of 186.7Hz,
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ABSTRACT
In this paper, we describe lingual activity for three
back vowels with different labial constrictions in
Suzhou Chinese: a rounded high back vowel [u]
and two more unusual vowels, vertically compressed
[ɯβ ] and labiodental [ɯv ]. The latter two vowels
are so-called fricative vowels, consistently produced
with slight fricative noise; [ɯβ ] also sporadically exhibits bilabial trilling. Smoothing-spline ANOVA
models of tongue surface contours extracted from ultrasound recordings suggest that [ɯβ ] and [ɯv ] have
a tongue position lower and fronter than [u]. Linear
mixed effects modeling of contour shape parameters
also suggests that [u] has a less flat and more complex, back-raised tongue shape than [ɯβ ] and [ɯv ].
We relate the lowered tongue body of [ɯβ ] and [ɯv ]
to the trading relations between lingual and labial activity that characterize rounded vowels, as well as to
aeroacoustic properties of labial fricatives and bilabial trills.
Keywords: Ultrasound, Wu Chinese, trading relation, fricative vowels
1. INTRODUCTION
The labial component of vowel articulation is known
to involve several different types of constriction, including in-rounding, out-rounding, and vertical bilabial compression [15, 17]. While usage of different labial constriction types most often systematically varies with the backness of the vowel—front
rounded vowels tending to be out-rounded and back
rounded vowels tending to be in-rounded—different
behaviors can be found cross-linguistically [17, 26].
A distinction between out-rounding and compression also minimally contrasts vowel categories in a
handful of languages, notably in a pair of Swedish
high vowels ranging from central to front [13, 22]
and in a pair of back vowels in Shanghainese [2].
Like Shanghainese, Sūzhōu Chinese exhibits a
three-way contrast in labial activity in a set of back
vowels: rounding in [u] that varies between inrounding and out-rounding; vertical lip compres-

Figure 1: Frontal lip positions at vowel midpoint
for the three vowels at issue for S44.

[u]

[ɯβ ]

[ɯv ]

sion in a vowel with a similar but distinct acoustic quality that we transcribe as [ɯβ ]; and fricativelike labiodental constriction in a vowel we transcribe
as [ɯv ]. Typical lip positions for each vowel are
shown in Figure 1. The latter two vowels can be
said to continue the constriction type of the consonants that obligatorily precede them: [ɯβ ] occurs
only after bilabial stops /p, ph , b/, and [ɯv ] occurs
only after labiodental fricatives /f, v/ [25, 16]. On
distributional grounds, [u] and [ɯβ ] are in fact contrastive (though [u] and [ɯv ] are allophonic): although [ɯβ ] is restricted in its occurrence, [u] may
occur in the same environment, and minimal pairs
are easily found (see Table 1).
The two vowels [ɯβ ] and [ɯv ] have been called
syllabic labial fricatives or labial fricative vowels,
in part due to the acoustic consequences of their
labial constrictions [25, 27, 16]. For [ɯv ], labiodental frication from the preceding [f] or [v] onset continues through the entire vowel. Any fricative noise
present in [ɯβ ] is more spectrally diffuse and subtle, but it is also sporadically produced with bilabial
trilling. The aerodynamic conditions for trilling do
not seem to be met in all tokens of [ɯβ ]; when this
is the case, the resulting vowel quality is not easily
distinguished from [u], but the position of the lips is
still visually distinct from [u]. Vowels with similar
constrictions to these have been attested in a handful
of languages of southwestern China [7, 3, 4, 9] and
Cameroon [10, 20].
While the labial articulations of [ɯβ ] and [ɯv ]
have been remarked upon in various languages, to
our knowledge, only Ling [16] has collected data
on their lingual articulation; this data is somewhat
limited, however, both in speaker population (n=3)
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and spatial resolution (three fleshpoints tracked using EMA). We thus aim to characterize the lingual
activity of [ɯβ ] and [ɯv ] relative to [u] in Sūzhōu
Chinese with a larger data set and a richer spatial representation using ultrasound tongue imaging. Several factors lead us to hypothesize that the tongue
will exhibit a greater back-raising excursion for [u]
than the other two vowels, which have more substantial lip constrictions with fewer articulatory degrees
of freedom. In particular, rounded vowels such as
[u] are known to exhibit trading relations in realizing
their low F2 targets [21], which all three Sūzhōu Chinese vowels share [16]. A prediction of this model
is that [ɯβ ] and [ɯv ], having more consistent and
more constricted lip settings, should have less of a
need for lingual activity in service of a back vowel
quality (i.e., low F2), and may be produced with a
lower or centralized tongue position relative to [u].
This study can also be seen as a test of whether
some lingual articulatory properties of similar consonants extend to the segments at issue. Known
aerodynamic requirements for producing labiodental fricatives and bilabial trills, which may be shared
by [ɯv ] and [ɯβ ], respectively, make different predictions. Active lowering of the tongue dorsum has
been observed during the production of labiodental fricative consonants [24], which should extend
straightforwardly to [ɯv ]. However, known lingual
articulatory strategies for bilabial trills, which preferentially occur before high back vowels [8], predict
tongue dorsum height similar to [u].
2. METHODS
2.1. Data collection

Participants were 15 native speakers of Sūzhōu Chinese (13 F, 2 M) who took part in the larger study
described in [11]. Participants have similar residential and linguistic histories: all are long-term residents of Sūzhōu, and all report native proficiency in
Sūzhōu Chinese and high or native-like proficiency
in Standard Chinese.
Ultrasound video was recorded using an
Echo Blaster ultrasound device equipped with
a PV6.5/10/128 Z-3 microconvex probe, with a
typical frame rate of 54 Hz. The ultrasound probe
was held in place under the chin using an Articulate
Instruments, Ltd. stabilization headset [23]. The
probe angle relative to the occlusal plane varies
from participant to participant given the need to
accommodate differences in participant jaw and
chin morphology.
Audio was recorded at a sampling rate of 44.1
kHz using a Sony ECM-77B electret condenser mi-

Table 1: Stimuli with the simplified Chinese characters used for display. Notation for each vowel as
used in [16] is provided for reference.

Vowel
[u]
[ɯβ ]
[ɯv ]
[i]
[æ]

As in [16]
o
u
u
ɪ
æ

Stimulus
疤 [pu]44
播 [pɯβ ]44
夫 [fɯv ]44
边 [pi]44
包 [pæ]44

Gloss
‘scar’
‘spread, sow’
‘husband’
‘side’
‘package’

crophone attached to the stabilization headset’s right
cheekpad arm. Audio was digitized using a Focusrite Scarlett 2i2 USB audio interface, which was also
configured to accept the synchronization pulse train
generated by the ultrasound device for time alignment of the articulatory and acoustic signals.
2.2. Materials

Stimuli, shown in Table 1, were presented as simplified Chinese characters in randomized order.
The stimuli were interspersed with other characters
which have readings containing different consonantal onsets and vowels not relevant to the present
study. Stimuli were displayed on a computer screen,
and participants were instructed to produce them in a
frame sentence with a reading appropriate to Sūzhōu
Chinese rather than Standard Chinese. Participants
produced 9–13 tokens of each stimulus.
2.3. Analysis

The series of ultrasound frames recorded during the
production of each vowel token was extracted from
the ultrasound video. For each vowel token, tongue
surface contours consisting of 100 sampling points
were extracted from the frames in this series using
EdgeTrak [14]. The frame closest to the acoustic
midpoint of each target vowel was selected. Each
participant’s set of midpoint tongue surface contours
was submitted to a smoothing-spline analysis of variance (SSANOVA) [5]; splines are generated in polar
coordinates and then converted to Cartesian coordinates to avoid distortion in the tongue tip and root
regions [19]. The resulting models are not directly
comparable across participants due to variation in
vocal tract morphology and probe orientation.
A discrete Fourier transform (DFT) was also performed on the contour for each midpoint frame for
[u], [ɯβ ], and [ɯv ], following the method implemented in [6]. DFT converts contour data into a
smaller set of numerical coefficients representing the
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frequency and magnitude of sine and cosine functions that can be combined to model the basis data.
The DFT used here is computed from the tangent angle of each point in the contour and makes no reference to a fixed coordinate system. As such, the coefficients analyzed here do not reflect contour position or rotation, but rather solely contour shape. This
property is desirable for the present study, given that
the direction of speaker-specific articulatory lines
may differ in physical space owing to variation in
vocal tract morphology.
DFT coefficients have real and imaginary portions, which correspond to the phase and magnitude of the sinusoidal basis functions, respectively
[6]. Coefficients’ real parts model the anteriorposterior position of the bulk of the tongue, and coefficients’ imaginary parts the extent of bunching or
raising. The order n of coefficients corresponds to
a wavelength of 1/n contour arc lengths for the sinusoidal functions represented, such that higher coefficients represent greater spatial frequencies. The
first coefficient thus models simple bunched tongue
shapes, and the second coefficient double-bunched
or saddle-like tongue shapes.
To determine whether [u], [ɯβ ], and [ɯv ] systematically differ in tongue shape, the first two DFT coefficients’ real and imaginary parts were each submitted to a separate linear mixed-effects model constructed using the lme4 library in R [1], with fixed
effects of vowel ([u], [ɯβ ], and [ɯv ], with [u] as reference level) and time elapsed since first recorded
stimulus to account for any effect of speaker fatigue.
The models also included a random intercept for
speaker and random slopes for vowel and time (i.e.,
coef ∼ vowel + time + (1+vowel+time|speaker)). pvalues were calculated for regression coefficients using the R car library [12], and model effects are visualized below using sjPlot in R [18].
We view the SSANOVA and DFT analyses as
usefully complementary: the SSANOVA results are
useful for visualizing the data in physical space and
observing (potentially idiosyncratic) differences in
the position of a given contour shape that cannot
be assessed by the DFT method employed here,
whereas the DFT allows us to make a comparison across speakers, albeit in more general terms of
tongue shape complexity. DFT also functions as a
“low-pass spatial filter” [6] and may as such factor
out higher-frequency sinusoidal components corresponding to details of contour shape that are salient
in the SSANOVA results (but linguistically irrelevant). The DFT coefficients and subject-specific
SSANOVA splines are as such not expected to suggest precisely the same inter-category differences,

Figure 2: SSANOVA splines for four representative speakers; anterior is right.
S03

S07

u
ɯβ
ɯv

u
ɯβ
ɯv

S37

S44

u
ɯβ
ɯv

u
ɯβ
ɯv

but we hypothesize that both will point to a larger
back-raising excursion for rounded [u] than for the
other two vowels.
3. RESULTS
3.1. SSANOVA

SSANOVA splines for [u], [ɯβ ], and [ɯv ] are shown
for representative speakers in Figure 2. It is clear
even from this subset of the fifteen participants data
that there is substantial variation in the position of
the tongue relative to the probe origin and in the portion of the tongue root and blade visible for tracking. Some shared patterns are visible: [u] generally
has a higher tongue dorsum and lower anterodorsal
region and blade compared to [ɯβ ] and (often to a
greater extent) [ɯv ]. There is also some degree of
speaker idiosyncrasy present in the lingual articulation of the contrasts among [u], [ɯβ ], and [ɯv ]. For
some speakers, e.g. S44, the difference between the
splines for [u] and the other vowels can readily be
interpreted as involving a distinction in backness instead of height. Differences in tongue root position
are most frequently not significant.
3.2. DFT analysis results

Results of linear mixed-effects regression on the first
two DFT coefficients’ imaginary parts are shown in
Table 2 and Figure 3 by coefficient and part. Models for the coefficients’ real parts are not shown, as
the main effect of vowel also failed to reach significance in these models. This last result indicates that
the phase of the first- and second-order sinusoidal
basis functions used to model the shape data is not
1442

Table 2: Partial summaries for models with effects
significant at α = 0.05 (estimates, standard errors,
standard deviation of random effects, and p-value
for effects).

a. Coefficient 1, imaginary part
vowel

ɯβ
ɯv

time

Est.
-3.22
-5.90
-0.019

SE
1.16
1.45
0.091

Rnd. SD p(> χ2 )
2.80
<0.001
4.38
0.28
0.84

b. Coefficient 2, imaginary part
Rnd. SD p(> χ2 )
Est. SE
vowel ɯβ -1.82 0.76 1.66
0.03
Coef. 1, Real
Coef. 2, Real
ɯv -2.92 1.19 3.94
time
0.052 0.043ɯv 0.092
0.23
ɯv
ɯβ

ɯβ

-2 3:
0 Estimates
2 4 6 for
8 fixed -2
0 2of vowel
4 6 for
8
Figure
effects
Estimates
two DFT Estimates
parameters, with [u] as reference.

Coef. 1, Imaginary

Coef. 2, Imaginary

ɯv

ɯv

ɯβ

ɯβ
-10 -8 -6 -4 -2 0 2

-10 -8 -6 -4 -2 0 2

Estimates

Estimates

affected by vowel category, suggesting no substantial differences in backness of tongue dorsum raising
among [u], [ɯβ ], and [ɯv ]. The fixed effect of time
did not reach significance in any of the four models.
A small but significant main effect of vowel was
obtained in the model for the first coefficient’s imaginary part (χ2 = 16.60, p = 0.00025, Table 2a); taking [u] as reference, [ɯβ ] had a lower imaginary
part of first coefficient by 3.22 ± 1.16 (SE), and
[ɯv ] by 5.90 ± 1.45 (SE). A significant but less robust main effect of vowel was also obtained in the
model for the second coefficient’s imaginary part (χ2
= 7.012, p = 0.03, Table 2b): again taking [u] as
reference, [ɯβ ] had a lower imaginary part of second coefficient by 1.82 ± 0.76 (SE), and [ɯv ] by
2.92 ± 1.19 (SE). These effects indicate an appreciable difference in the magnitude of the sinusoidal
basis functions used to model the shape data, suggesting that [u] is more bunched (in a back-raising
direction, given the SSANOVA data) than [ɯβ ], and
[ɯβ ] more than [ɯv ]. All significant fixed effects
of vowel show substantial variation among speakers:
the random effects associated with each have a large
standard deviation.

4. DISCUSSION
Our results reinforce the general description in
[16] with a more spatially detailed representation
of tongue shape and a larger speaker population.
SSANOVA model results indicate that [u] exhibits a
slightly higher tongue dorsum position than [ɯβ ] and
[ɯv ]. Slight advancement and raising of the tongue
blade can also be observed for [ɯβ ] and [ɯv ] relative to [u]. The DFT model results suggest that
across speakers, [u] has a somewhat more complex
tongue shape with a greater degree of back raising
than [ɯβ ] and [ɯv ], requiring higher-magnitude sinusoidal functions at both relatively high and low
spatial resolutions to model.
Taken together, the two analyses confirm the hypothesis that of the three vowels, [u] involves the
greatest deformation of the tongue in a back-raising
direction. As for the other vowels, [ɯβ ] is produced
with less back-raising and [ɯv ] with even less in
turn. The small but consistent effects of vowel on
tongue position is in keeping with known trading relations between labial articulation and lingual articulation for each vowel: the more consistent and constricted the typical labial activity for a vowel, the less
the tongue appears to contribute to achieving a given
set of formant frequencies. Token-by-token variation in labial activity is not taken into account in this
analysis, and including this additional factor in future analyses may shed more light on the intra- and
interspeaker variation in tongue dorsum height observed here.
Of note, the lingual articulation of [ɯv ] can be
predicted from the aerodynamic requirements for the
production of similar consonants, but [ɯβ ] presents
complications. A lowered tongue dorsum for [ɯv ]
relative to [u] is in keeping with known aerodynamic
requirements for producing labiodental fricatives,
per [24]: a lowered tongue body ensures that incoming airflow is primarily impeded by the constriction
at the lips. However, tongue dorsum lowering for
[ɯβ ] is at odds with the lingual articulatory characteristics that have been suggested for bilabial trills.
In languages which have bilabial trill consonants, the
latter overwhelmingly precede (and lingually coarticulate with) high back vowels and in fact specifically favor [u] [8]. Sūzhōu Chinese’s [ɯβ ] may simply have different aerodynamic requirements, given
that trilling only occurs sporadically: bilabial trilling
in [ɯβ ] could be viewed as a mere side effect of the
primary articulatory goal of lip compression, such
that lingual and labial articulation are not fine-tuned
to consistently produce trilling.
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ABSTRACT
Drenjongke (Bhutia) is a Tibeto-Burman language
spoken in Sikkim, India, whose phonetic properties
are understudied. This language has been reported to
have a four-way laryngeal contrast: aspirated,
voiceless, voiced, and “devoiced” [7]. The current
experiment examined how these four types of
consonants are distinguished acoustically. An
acoustic analysis of twelve Drenjongke speakers
shows that in addition to differences in VOT, there
are systematic differences in F0 and F1 in the
following vowel: aspirated and voiceless consonants
show higher F0 than voiced and devoiced
consonants; aspirated and devoiced consonants show
higher F1 than voiceless and voiced consonants. Our
analysis further suggests that high F1 after devoiced
consonants is controlled, rather than an automatic
consequence of long VOT. We conclude that
Drenjongke speakers use at least three acoustic
dimensions—VOT, F0 and F1—to distinguish the
four-way laryngeal contrast.
Keywords: Drenjongke, laryngeal contrast, VOT,
F0, F1
1. INTRODUCTION

even from van Driem’s description. The current
experiment thus explored how the four types of
laryngeal categories are distinguished acoustically.
2. METHOD
The data reported is based on the fieldwork in
Sikkim, India, which was conducted in the summer
of 2017.
2.1. Speakers

Twelve native speakers of Drenjongke participated
in the recording session. Speakers 1 and 2 were
female speakers, and the remaining speakers were
male. They were all school teachers from primary
and secondary schools. All the speakers spoke
Nepali and English in addition to Drenjongke (there
are, unfortunately, no monolingual Drenjongke
speakers). The age ranged from 25 years old to 55
years old, most of them being between 36 and 45
years old. Consent forms and demographic
questionnaires were collected from each speaker
before the recording session. Each participant was
compensated for their time (800 Indian Rupee).
2.2. Recording

(a.k.a.
“Bhutia”,
“Hloke”
or
Drenjongke
“Sikkimese”) is a Tibeto-Burman language spoken
in Sikkim, India by about 80,000 speakers. Although
there is an impressionistic description of this
language by van Driem [7], not much is known
about the phonetic nature of this language. This
paper examines one aspect of this language: its fourway laryngeal contrast, which is cross-linguistically
rare. According to [7], this language has aspirated,
voiceless, voiced and “devoiced” obstruents. The
first two categories are classified as “H-register”
consonants, while the last two categories are
classified as “L-register” consonants. Some minimal
quadruplets are shown below in (1), where devoiced
consonants are shown with an apostrophe:
(1) Minimal quadruplets

Particularly intriguing is the last category,
“devoiced,” whose acoustic properties are not clear
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Within each recording session, each speaker read (1)
typical syllables that appear in Drenjongke, (2)
words in isolation, and (3) words in a frame
sentence. This paper focuses on the analysis of
syllabary readings, in which all Drenjongke
consonants were pronounced with a following [a].
Here we focus on syllabary readings, as they control
for lexical factors that may affect phonetic
implementation patterns, and would tell us “pure”
phonetic forms of Drenjongke. Having [a] also
allows us to control for the intrinsic effects of vowel
height on F0 and F1. The order of the syllabaries
was randomized, and the speakers repeated the list
five times. All the recording was made using a
TASCAM recorder (DR100-MK). The stimuli were
presented in the Tibetan script using Keynote on a
Macintosh computer. The target of the current
analysis included stop consonants from four places
of articulation (bilabial, alveolar, retroflex, and
velar), although the current analysis pools data from
different place of articulation.

Frequency (Hz)

5000

0

0
pre-v

Time (s)

0.6
a

devoiced (with prevoicing)

2.3. Acoustic analysis
Frequency (Hz)

5000

Figure 1 provides some representative tokens of the
four-types of laryngeal contrasts, which also serves
to illustrate our measurement protocol. Aspirated
consonants are realized with long lag VOT, (a);
voiceless consonants are realized with short lag
VOT, (b); voiced consonants are realized with
prevoicing during closure (i.e. negative VOT), (c).
Interestingly, devoiced consonants are variably
realized with either prevoicing, (d), or positive VOT,
(e). We measured the duration of these (negative and
positive) VOT. In addition, since F0 and F1 are
known to correlate with a laryngeal contrast (e.g.
[6]), a 20 ms analysis window is created at the onset
of the following [a]. Average F0 and F1 values were
calculated within these analysis windows.

0

devoiced (no pre-voicing)

(e)
3. RESULTS
Figure 2 shows a violin-plot that shows the
distribution of positive and negative VOT values for
the four-way laryngeal contrast.
Figure 2: Distributions of negative and positive
VOT by the four-way laryngeal contrast. Different
panels show different speakers. The first two
speakers are female.
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Figure 1: Representative alveolar tokens of the
four-way laryngeal contrast. Devoiced consonants
can be realized either with prevoicing or positive
VOT.

(a)

0

Voiceless consonants have short-lag VOT. Aspirated
consonants have long VOT. Voiced consonants
usually have pre-voicing (i.e. negative VOT). There
are a few exceptional tokens with positive VOT (e.g.
Speakers 5 and 6), perhaps because these were read
utterance-initially and it is hard to initiate voicing in
this position [9]. Devoiced consonants are realized
either with pre-voicing or positive VOT. Speakers 4
and 11 are the only speakers who do not show this
variation. It seems to be the case that, given this
variability, VOT alone cannot be used as a reliable
acoustic cue for devoiced consonants in Drenjongke.
Figure 3 is a boxplot which shows the F0 values
in the following [a] after the four different types of
consonants. We observe that voiceless and aspirated
consonants show higher F0 compared to voiced and
devoiced consonants. This result accords well with
van Driem’s [7] characterization of these types of
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consonants: aspirated and voiceless consonants are
“H-register” consonants and voiced and devoiced
consonants are “L-register consonants”.
Figure 3: A boxplot representation of the F0 values
in the following [a] vowel. The white circles
represent the means in each condition.
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Figure 4: F1 values in the following [a] vowels.
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One question that arises is whether high F1
values after devoiced consonants are intended (or
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Figure 5: Correlation between F1 and VOT
(devoiced consonants only).
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controlled) or consequences of long VOT (which are
exhibited by some tokens). Since F1 is correlated
with the openness of the oral cavity [5], consonants
with long VOT can show higher F1, because by the
time F1 becomes measurable, the oral cavity is open
more widely. To address this possibility, Figure 5
shows, for devoiced consonants, the correlation
between F1 and VOT values, separately analysed by
whether VOT values are negative or positive.
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If high F1 is an automatic consequence of long
VOT covering the opening phase of the oral cavity,
there should be a positive correlation between F1
and VOT. However, this is true only for Speakers 5,
9 and 10. The rest of the speakers show either
negative or no correlations, as summarized in Table
1. We thus suspect that high F1 of devoiced
consonants is a consequence of an intended
articulatory gesture; high F1 is particularly
important to distinguish devoiced consonants from
voiced consonants, both of which have low F0 in the
following vowels.
Table 1: Pearson correlation coefficients
between F1 values and VOT. Devoiced
consonants with positive VOT values only.
Speakers
r
Speakers
r
1
-0.46
7
-0.03
2
-0.31
8
-0.34
3
0.01
9
0.64
4
-0.23
10
0.64
5
0.59
11
-0.58
6
0.05
12
0.32
One remaining question is how the high F1
values are achieved in this language. One possibility

is jaw movement: the Drenjongke speakers may be
opening their mouth more quickly after devoiced
consonants, as English speakers do for voiceless
consonants [8]. Alternatively, devoiced consonants
may be accompanied by pharyngeal constriction:
while constriction in the oral cavity generally lowers
F1 [5], Al-Tamimi (2017) [1] shows that vowels in
pharyngealized context show higher F1 in Jordianian
and Moroccan Arabic.

data, a la [2,3], that it is the phonological category,
rather than raw phonetic values, that determine the
F0 values of the following vowel. It further implies
that differences in F0 after different laryngeal
categories are consequences of intended articulatory
gestures rather than automatic consequence of
laryngeal configurations.
4. CONCLUSION

Figure 5: Correlation between F0 and VOT (all
categories).

The current paper set out to explore how the fourway laryngeal contrast in Drenjongke is acoustically
realized. This was important because (1) there has
not been instrumental studies examining how this
contrast is acoustically realized, and (2) a four-way
laryngeal contrast is cross-linguistically rare. Our
finding is summarized in Table 2:
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Table 2: A summary of how the four-way
laryngeal
contrast
is
distinguished
acoustically in Drenjongke.
aspirated voiceless voiced
devoiced
VOT long
short
negative variable
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high
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high
low
low
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Finally, our data allows us to address one
theoretical question that is currently debated [2,3]:
whether effects of onset consonants on the F0 of the
following vowels (Figure 3) is based on phonetic
categories or continuous VOT categories. This
question is important as it bears on the question of
how automatic/controlled F0 perturbation is. It could
be the case that some aerodynamic and/or
associated
with
articulatory
factors
aspiration/voicelessness can automatically result in
higher F0 (see e.g. [4]). On the other hand, speakers
may have distinct F0 target for different types of
consonants ([6]). To address this question, Figure 6
plots the correlations between VOT and F0 of the
following vowels: the regression lines are calculated
within each laryngeal category. We observe that the
correlations generally do not exist or are negative.
The only clear positive correlations are observed for
voiceless consonants for Speaker 6 and aspirated
consonants for Speaker 9. We conclude from this

We admit that this may not be the complete picture
of the laryngeal contrast in Drenjongke. Since our
analysis is based on CV-tokens, we were unable to
measure other acoustic correlates that are known to
signal laryngeal contrasts, such as preceding vowel
duration and consonant duration [6]. Our future
work will aim to examine these acoustic correlates
by analyzing VCV-tokens. With this limitation in
mind, however, our data allows us to conclude that
Drenjongke speakers use at least three acoustic
dimensions—VOT, F0 and F1—to distinguish the
four-way laryngeal contrast.
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ABSTRACT

breather voice in Zhenhai, Tamang, and Mon were
considered to be this subtype [26, 27, 30].
However, although theoretical studies (e.g., [3,22,
25]) generally recognize the cross-linguistic variation in the phonetic realization of “breathier voice”,
there is no consensus on how many subtypes should
be identified, and how to define define these different types of breathy voice acoustically. For example,
Ladefoged [16, 22, 24] does not distinguish between
whispery voice and breathy voice; Catford [3] and
Laver [25] do not distinguish between lax voice and
whispery voice. One important reason for this challenge is that, as [15,22, 25] point out, these subtypes
essentially form a continuum, with no clear borderline between them. Moreover, there is often considerable individual variation in the realizations of any
given type of voice quality [15]. Therefore, in practice, different types of “breathy voice” are generally
not distinguished and collapsed in the literature.
However, even though no language appears to
contrast different types of “breathier voice” phonologically, cross-linguistic variation has been widely
observed. Different articulatory strategies in phonation production lead to different interactions with
other phonological structures such as tones, and also
develop different paths of sound change. It is therefore meaningful to better understand the variation of
“breathier voice.” The question then is: since different types of “breathier voice” vary rather continuously, is it possible to quantify the variation with
acoustic measures? This study aims to provide some
insight into this question.
Generalizing across previous studies [3, 7, 15, 22,
24, 25], the three subtypes can be defined as follows. 1) Compared with modal voice, slack/lax
voice is produced mainly with less adductive tension and medial compression in the vocal folds. The
arytenoid cartilages are not drawn apart as they are
in breathy voice, so the turbulence noise from the
glottis is relatively minor. 2) Breathy voice, by contrast, is produced with a considerable glottal aperture, and there is some audible noise. Compared
with modal voice, the glottal pulse is more symmetrical for breathy voice. 3) Whispery voice differs

Breathier voices are non-modal voices produced
with a relatively less constricted glottis. Although
three major subtypes of breathier voice have been
identified, namely slack/lax voice, breathy voice and
whispery voice, and distinct IPA symbols have been
proposed to transcribe them, actually there is no consensus on how many subtypes should be identified,
and how each subtype should be defined. Most studies simply use “breathy voice” as a general term
to cover all its subtypes. In this study, we propose that different subtypes of breathier voice can
be distinguished by evaluating the relative importance of the glottal constriction and the noise component. Drawing data from Gujarati, White Hmong,
Southern Yi, and Shanghainese, we show that our
proposed method successfully identified each of the
three subtypes found in these four languages. We
will discuss the implication for future voice quality
studies.
Keywords: phonation, voice quality, breathy, whispery, slack/lax
1. INTRODUCTION
Generally speaking, breathy voice (more accurately,
breathier voice) is the non-modal phonation produced with relatively less constricted glottis along
the voicing continuum [22, 24]. However, as noted
by a number of studies [16, 22–24], the phonetic realization of the ’breathier voice’ substantially vary
across languages. Particularly, three major subtypes
of breathier voice have been recognized, namely
slack/lax voice, breathy voice and whispery voice
[3, 7, 15, 24, 25], and distinct IPA symbols have
been proposed to transcribe them [1]. The breathier
voice in languages has been classified into different
subcategories. For instance, the breathier voice in
Jingpho, Javanese, Yi, Wa, and Mpi were denoted
as “slack/lax voice”, while the breathier voice in
Chong, Gujarati, Hindi, Sindhi, and Jalapa Mazatec
were classified as “breathy voice” [16, 24]. Whispery voice is relatively less documented, but the
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pitch and phonation contrasts co-occur. Breathier
voice is associated with lower register tones in Wu
[2, 4, 5, 11, 12, 29, 33, 35]. The breathier voice in
Zhenhai, a closely related Chinese Wu dialect, has
been reported to be “whispery voice [30].”

from both breathy voice and slack/lax voice in that
it is produced with more aperiodic noise by maintaining a higher degree of medial compression (i.e.,
more constricted than breathy voice, but still less
constricted than modal voice). Whispery voice has
a more skewed glottal flow pulse compared with
breathy voice.
We propose that the three subtypes of “breathier
voice” essentially vary in the contribution of two articulatory aspects: how much medial compression
in the vocal folds is involved and how large the posterior glottal aperture is. The former is acoustically
related to the slope of the voice spectrum, and the
latter is acoustically related to the amount of turbulence noise generated in the glottis. Therefore,
subtypes of “breathy voice” essentially vary in the
relative importance of cues correlated to glottal constriction and noise component.
Therefore, by modeling the relative importance of
these two aspects of voice measures, we should be
able to tease apart different types of breathier voice.
This paper will test this hypothesis by looking into
the cross-linguistic variation of four languages that
involve some kind of “breathier voice.”

2.2. Materials

Acoustic measurements of Gujarati, White Hmong,
and Southern Yi were retrieved from the “Production
and Perception of Linguistic Voice Quality” project
at UCLA1 . Recordings of Shanghainese were made
by the first author in Shanghai. Shanghainese is
gradually losing its breathier phonation [11, 33, 35],
so we only selected speakers born before 1980 in
this study, because they were previously shown
to maintain the breathier phonation [33]. Since
the recordings of all four languages were collected
with the same recording setup (e.g., Shure SM10A
dynamic microphone and Glottal Enterprises EG2
electroglottograph), and all measurements were obtained using the same tools (i.e., VoiceSauce [31]
and EggWorks [32]), the results of the statistical
modeling are comparable across the four languages.
2.3. Statistical modeling

2. METHODS

In this section, we test the relative importance of
spectral tilt and noise measures for each of the four
languages. Linear Discriminant Analysis (LDA), a
procedure that determines the relative importance
of different cues between two or more groups [6],
was conducted in R using the lda() function from
the MASS package [28, 34]. This method was chosen because it works better than logistic regression
when the predictors are highly correlated with each
other (like in our case, where all the spectral tilt
measures are highly correlated). This method has
been found to be effective in evaluating the relative
importance of different acoustic cues in various linguistic contrasts (e.g., Mazatec phonation contrast
[8, 13]; Korean tonogensis [17]; Tongan stress [14];
Shanghainese phonation contrast [11], to name a
few). Spectral tilt measures included were: H1*H2*, H2*-H4*, H1*-A1*, H1*-A2*, and H1*-A3*.
Noise measures included were: CPP and HNR in
four regions of the spectrum (0-500 Hz, 0-1500 Hz,
0-2500 Hz, and 0-3500 Hz). Mean values over the
entire vowel were used in the LDA analysis.
The Gujarati model included all breathy and
modal syllables in the dataset. A total of 3055 observations (target words embedded in a short sentence that the subject immediately thought of upon
seeing the target words) from 10 speakers were included. The White Hmong model included all sylla-

2.1. Languages

In this study, we compare four languages that involve some type of breathier voice: Gujarati (IndoEuropean, Indo-Iranian; atonal), White Hmong
(Hmong-Mien, Hmongic; tonal), Southern Yi (SinoTibetan, Tibeto-Burman; tonal), and Shanghainese
(Sino-Tibetan, Sinitic; tonal). Typologically, these
four languages come from different language families and cover both tonal and non-tonal languages.
Importantly, Gujarati and White Hmong are both
considered to have a typical “breathy voice” that
contrasts with modal voice [9, 10, 16, 18, 19, 24].
Gujarati is atonal, while White Hmong has seven
phonemic tones. White Hmong distinguishes three
phonation types (modal, breathy, and creaky). Two
of White Hmong tones are associated with nonmodal phonation. Southern Yi has a three-tone system (low, mid, and high) and two phonation registers (tense vs. lax) [16, 18, 20, 21]. Both tense
and lax phonations occur in syllables with both mid
and low tones. The high tone, on the other hand,
only occurs in syllables with lax phonation. In the
literature, the number of languages that have been
reported to have a “whispery voice” is small. In
this study, we examine Shanghainese, the most wellknown Chinese Wu dialect. All Chinese Wu dialects
have a upper vs. lower register contrast in which
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Figure 1: Relative importance of acoustic measures to the phonation contrast in Gujarati (top left), White Hmong
(top right), Southern Yi (bottom left), and Shanghainese (bottom right): Linear Discriminant Analysis. Higher
bars indicate more importance.
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suggested that the breathier voice in Shanghainese
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pery voice. Since the breathier voices in Gujarati
and White Hmong lie between the two more extreme
4. CONCLUSION
cases, they can be categorized as breathy voice.
0
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study, we demonstrated that there is crossand spectrograms0 for /ba/
0.2656
0 Figure 3: Audio signals
Time
(s) vs /ba/ (modal, right), produced by Time (s) linguistic variation in the phonetic realization of
(breathy,
left)
a female Gujarati speaker.
the so-called “breathier voice”, and that examining
Gujarati breathy /ba/
Gujarati modal /ba/
the relative importance of aperiodic noise and glottal constriction is an effective way to tease apart
the different subtypes of “breathier voice.” In particular, our LDA models distinguished three cueweighting patterns that are consistent with the subtypes of “breathier voice” proposed in the literature
[3, 15, 24, 25], and therefore the three subtypes can
be defined more clearly with acoustic cues: slack/lax
voice is produced with spectral cues as the dominant
Figure 4: Audio signals and spectrograms for /po
cues but little noise cues; breathy voice is produced
42/ (breathy, left) vs /po 52/ (modal, right), prowith dominant spectral cues but noise cues also play
duced by a female White Hmong speaker.
important roles; whispery voice is produced with
White Hmong breathy /po/ White Hmong modal /po/
noise cues as the dominant acoustic cues.
This study has important implications for future
studies on “breathier” type of voice: first of all,
to achieve a comprehensive understanding of the
“breathier voice” in languages, it is important to
investigate both the degree of glottal constriction
and the presence of aperiodic noise. Moreover,
although our findings generally support the subFigure 5: Audio signals and spectrograms for /ba
categorization of “breathier voice”, it is important to
23/ (whispery, left) vs /pa 34/ (modal, right), probear in mind that these subtypes of “breathier voice”
duced by a female Shanghainese speaker.
essentially form a continuum in the phonetic space,
Shanghainese whispery /ba/ Shanghainese modal /pa/
a space defined by both glottal constriction and noise
component. We do not intend to claim that there are
clear cut-offs among these subtypes. Therefore, the
approach proposed in this paper has the advantage
of successfully capturing the cross-linguistic variation of “breathier voice” without over-assuming the
categoricity of the subtypes. Finally, the cue weighting patterns found in this study should be further
Again, the LDA results can be validated by the
validated through cross-linguistic perception experacoustic signals. As can be observed in Fig. 3 and
iments.
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ABSTRACT
Voice quality (VQ) is reported by forensic analysts to
be a useful variable in voice comparison casework.
Despite this, very little research has assessed the
efficacy of VQ as a speaker discriminant. This paper
employs semi-automatic methods to test the
performance of a forensic voice comparison system
using long-term acoustic measures of laryngeal VQ.
Fundamental frequency, cepstral peak prominence,
harmonics-to-noise ratios and a range of spectral tilt
measures were extracted from vowel-only samples of
studio, landline telephone, and mobile telephone
recordings. Using likelihood ratio-based testing, the
VQ features produced promising results. The high
quality condition produced EERs as low as 5.8% and
Cllrs as low as 0.26, although performance was
degraded in the telephone conditions. When fused
with a baseline MFCC system, results were mixed,
with VQ improving performance only for some
configurations of speakers.
Keywords: Voice quality, acoustics, forensic voice
comparison, automatic speaker recognition
1. INTRODUCTION
Voice quality (VQ) is the long-term, quasi-permanent
‘timbre’ of the voice which can be decomposed into
a number of supralaryngeal and laryngeal settings
[20,28]. The binary categorisation of settings reflects
the assumed independence of the two in traditional
source-filter theory [5]. VQ is often analysed using
descriptive systems, such as the Vocal Profile
Analysis scheme [21], which rely on impressionistic
classification of articulatory settings (see [25]). VQ
can also be analysed acoustically. Supralaryngeal
settings can be indirectly analysed using vowel
formant distributions (e.g. if a speaker has a
habitually fronted tongue body, this should be
reflected in a high overall F2) [6]. A range of
measures has been proposed to capture laryngeal
settings that, amongst other things, rely on the
relationships between the amplitudes of different
harmonics and cycle-to-cycle variation in
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fundamental frequency (F0) and amplitude. A major
issue for the study of VQ is understanding the
relationship between articulation, acoustics, and
auditory perception [17,19].
VQ is often analysed in forensic voice comparison
cases, where an expert is asked to compare the speech
patterns of a known suspect and unknown offender in
the context of a legal case. A survey of practitioners
found that VQ is generally considered to be the most
useful speaker discriminant [8]. However, very few
studies have been conducted to test this claim. Those
that have typically analysed acoustic measures of
laryngeal VQ. [4] used the GLOTTEX software to
extract a large number of voice source features from
recordings of 60 female standard Mandarin speakers.
They compared the performance of VQ features
against a Mel-frequency cepstral coefficient
(MFCC)-based automatic speaker recognition (ASR)
system. The ASR system consistently outperformed
VQ, and there was no improvement in ASR
performance when combined with VQ features.
This finding is not predicted by the theoretical
decoupling of source and filter in computing cepstral
coefficients [15]. In principle, MFCC-based systems
should only capture information about the
supralaryngeal vocal tract and there is some evidence
support this. [9] performed a phonetic analysis of the
false hits produced by an iVector-based ASR. They
found that it was possible to distinguish these pairs
auditorily, and that phonation (in particular creak)
was the most useful diagnostic. Similarly, the errors
in [11] were easily resolved on the basis of laryngeal
VQ. Given these findings, the results in [4] may
reflect methodological decisions such as only
extracting measures from the segment /n/ when used
as a filler, and the small number of tokens for some
speakers, rather than the inherent value of VQ as a
speaker discriminant. However, they may also reflect
the indirect relationships between acoustics and
auditory judgements, with the two approaches
capturing different speaker-specific information.
The present study performs systematic speaker
discrimination testing using laryngeal VQ features.
The results are compared and combined with MFCCbased ASR systems to assess the extent to which they
capture complementary speaker-specific information.

2. METHOD
For a detailed overview of the recordings and
processing used in this study see [12,13]. The key
details are outlined briefly here. 97 male speakers of
standard southern British English from the DyViS
corpus were analysed [22]. For each speaker, two
recordings were available, constituting nominal
suspect (Task1) and offender (Task2) samples. From
each recording, 60 seconds of vowel material was
automatically extracted. The vowel-only samples
were available in four channel conditions: high
quality studio samples (HQ), landline telephone
samples (TEL), and two mobile phone samples with
high (12.2kb/s; MOBHQ) and low (4.75kb/s; MOBLQ)
bit rate. These conditions are commonly found in
forensic casework.
2.1. Feature extraction

The vowel-only samples were divided into a series of
20ms frames with 10ms overlap. VQ and MFCC
feature vectors were extracted from each frame.
2.1.1. Laryngeal voice quality (VQ)
VQ measures were extracted using VoiceSauce [26]:
• Cepstral peak prominence (CPP): the
normalised peak of the pitch period within
the real cepstral, quefrency domain [10]
• Harmonics-to-noise
ratios
(HNR):
comparing the energy of harmonics with the
noise floor in the cepstral domain using the
algorithm in [3], calculated over four
frequency ranges: 0-500Hz, 0-1500Hz, 02500Hz, and 0-3500Hz
• H1-A1; H1-A2; H1-A3: the amplitude of
the first harmonic (F0) relative to the
amplitude of the harmonic closest to the first
(A1), second (A2), and third (A3) formants
• H1-H2; H2-H4: the amplitude of the first
harmonic relative to the amplitude of the
second harmonic, and the amplitude of the
second harmonic relative to the amplitude of
the fourth harmonic.
F0 was also analysed using the straight algorithm [16]
with the range set from 75Hz to 200Hz. To compare
across different vowels, the spectral tilt measures
were corrected using F0 and formant tracking (see
[14]). The harmonics were estimated using the same
procedure as for F0 extraction. Formants were
estimated using the Snack Toolkit [27] tracking five
formants within a range of 0 to 5000Hz (LPC order:
12, pre-emphasis: 0.96).
The variables above were chosen for analysis on
the basis of their established link with auditory
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percepts of VQ and their relatively extensive use in
the phonetics literature. CPP and HNR are additive
noise measures relating to harmonic structure that, in
principle, capture differences between breathy and
modal voice. Breathy voice should produce a less
prominent cepstral peak and lower HNR. Breathy and
creaky voice are also claimed to differ in terms of
their energy distribution across the spectrum, with
high spectral tilt associated with breathy voice and
low spectral tilt associated with creaky voice [7,18].
2.1.2 Mel-frequency cepstral coefficients (MFCCs)
From each frame, 12 MFCCs, delta (∆) and deltadelta (∆∆) coefficients were extracted using the
rastamat toolbox [23]. For the HQ samples, MFCCs
were extracted within a 0 to 4000Hz range, while for
the telephone and mobile samples, extraction was
performed within a 300 to 3400Hz range
2.2. Scoring, calibration, fusion and evaluation

Channel was matched across the suspect and offender
samples in all of the testing here, producing four
conditions: HQ-HQ, TEL-TEL, MOBHQ-MOBHQ,
and MOBLQ-MOBLQ. For each condition, a range of
input features were analysed to assess comparative
performance. Testing was initially conducted using a
combination of all VQ measures. The additive noise
(CPP and HNR) and spectral tilt measures (H1-An,
Hn-Hm) were also analysed separately. The MFCC
systems were tested using all of the available features.
The 97 speakers were randomly assigned to
development (32 speakers), test (33 speakers) and
reference (32 speakers) sets. For each set of input
features, same- (SS) and different-speaker (DS)
GMM-UBM [24] scores were computed for the
development and test speakers using the reference
speakers to assess typicality. GMMs were fitted with
512 Gaussians (for both VQ and MFCCs, based on
pre-testing). The test scores were then calibrated
using logistic regression coefficients [2] derived from
the development scores. This produced calibrated log
likelihood ratios (LLRs), which were used to assess
system performance. To account for the variability in
output as a function of the specific speakers used in
each set, testing was replicated 20 times using random
configurations of development, test, and reference
speakers [29].
The output of the MFCC systems was also
combined with phonatory VQ to assess whether the
addition of the latter information improved
performance over MFCCs in isolation. This was done
using logistic regression fusion [2]; a procedure for
calibrating and combining scores from multiple
systems that accounts for correlations between scores.

As in 2.2, the development scores were used to
generate fusion coefficients which were applied to the
test scores to produce calibrated LLRs for each
replication.
The performance of the VQ and MFCC systems,
both separately and in combination, was analysed
using equal error rate (EER) and the log LR cost
function (Cllr; [1]). The effect of combining VQ and
MFCCs was assessed by calculating the percentage
difference in EER and Cllr between the MFCC-only
(baseline) system and the fused system.
3. RESULTS
3.1. Voice quality systems

Table 1 displays mean, minimum, and maximum
EER and Cllr values across the 20 replications within
each of the four channel conditions using all of the
VQ features (F0, additive noise, spectral tilt) as input.
Optimal performance was found in the HQ condition,
with the best performing replication producing an
EER of 5.8% and a Cllr of 0.26. As might be predicted,
performance degrades with telephone and mobile
samples. However, the extent of the decrease in
performance is relatively small (equivalent to an EER
difference of 3-4% EER and a Cllr difference of 0.10).
This suggests that the acoustic measures of VQ tested
here are relatively robust to the channel variation
commonly found in forensic casework.
Table 1: Mean, minimum, and maximum EER and
Cllr values across the 20 replications using all VQ
features as input.

HQ
TEL
MOBHQ
MOBLQ

Mean
EER Cllr
9.6
0.39
13.2 0.49
13.4 0.49
13.3 0.51

Min
EER Cllr
5.8
0.26
6.1
0.33
6.1
0.32
6.1
0.33

Max
EER Cllr
12.2 0.63
18.2 0.59
18.8 0.64
18.0 0.76

Table 2: Mean EER and Cllr values across the 20
replications using the additive noise and spectral tilt
features as input.

HQ
TEL
MOBHQ
MOBLQ

Additive noise
EER
Cllr
17.6
0.61
19.8
0.69
20.0
0.91
20.7
0.82

Spectral tilt
EER
Cllr
13.1
0.54
15.1
0.59
15.6
0.59
13.9
0.54

3.2. Fusion of systems

Figure 1 shows the baseline MFCC-only and fused
VQ and MFCC performance for the 20 replications in
each of the conditions. For the sake of space, the Cllr
is not reported here, but is available at
[https://vincehughes.files.wordpress.com/2019/03/vq
asrperformance.pdf]. In five of the 20 replications in
the HQ condition, the addition of VQ information
improved EER. For two of these replications, the
addition of VQ produced a system which successfully
discriminated between all SS and DS pairs (EER =
0%). In 10 replications no improvement was found,
while for five replications the EER of the fused
system was substantially worse.
However, as transmission quality degraded, the
contribution of VQ to system performance became
more impressive. The value of VQ was most notable
in the MOBLQ condition, where the addition of VQ
improved EER for 16 of the 20 replications. For these
16 replications, the average decrease in EER was
70%. The largest decrease was 97% for a replication
that produced an EER of 2.85% using only MFCCs
and 0.09% when fused with VQ. In the other four
replications EER was worse for the fused system than
for the MFCC-only system. In one case the addition
of VQ shifted the baseline EER of 0.38% to 2.37%.
4. DISCUSSION

Table 2 displays the performance of the additive
noise and spectral tilt measures (F0 is not included
here as the focus is on laryngeal VQ). Across all
channel conditions, the spectral tilt measures
outperformed the additive noise measures. Indeed, in
the MOBLQ condition, the spectral tilt measures
performed almost as well as all of the VQ features in
combination. This suggests that spectral tilt encodes
considerable speaker-specific information and
accounts for a large proportion of the speaker
discriminatory power in the systems in Table 1. The
consistency in performance across conditions also
indicates that spectral tilt is relatively robust to
channel variation, in a way that additive noise
measures are not.
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The results in 3.1 reveal that long-term acoustic
measures of laryngeal VQ extracted from vowels
capture considerable speaker-specific information. In
optimal conditions, and with the right configuration
of speakers, EERs of around 6% are possible. These
results are extremely promising when assessed
relative to other linguistic variables. Comparison with
[13] shows that VQ outperforms formants on the
same vowel-only material.
Performance degrades when using telephone and
mobile samples. However, the magnitude of the effect
was relatively small, and impressive performance was
achieved even with low bit-rate mobile samples. This
suggests that acoustic VQ measures are relatively
robust to channel variation. This is extremely
important for forensic voice comparison casework
given the range of potential recordings analysed. As

shown in Table 2, the spectral tilt measures are
largely responsible for the good overall speakerdiscriminatory performance of VQ and its robustness
to channel variation.
Figure 1: Baseline MFCC-only (left) and fused
(MFCC and VQ; right) EERs across the 20
replications in each of the four channel conditions.
HQ
3
2
1
0
TEL
3
2

EER (%)

1
0
MOB-HQ
3
2
1
0
MOB-LQ
3
2
1
0
MFCC-only

Fused

The results are all the more impressive in light of
the automatic nature of the analysis. In extracting the
VQ data, no speaker-specific adjustments were made
to settings (see [13] for the effect of settings on
formant extraction for forensics) and no postprocessing was applied to deal with potential
measurement errors. Further, a limited range of
acoustic measures was used in this study, compared
with the extremely large number of potential
measures of laryngeal VQ available (see e.g. [4]).
While the performance of laryngeal VQ in
isolation is encouraging, perhaps the most impressive
results are those based on the combination of this and
MFCCs. In the HQ condition, fused performance was
the same as, if not worse than, the MFCCs in
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isolation. This is likely to be due to a ceiling effect,
with all 20 replications producing EERs of less than
1% when using only MFCCs as input, leaving very
little room for improvement in performance.
However, as quality degraded, much more substantial
improvement in performance was found when
combining MFCCs with VQ. This suggests that
acoustic measures of laryngeal VQ do capture
complementary speaker-specific information to that
captured by MFCCs, in line with theoretical
predictions about the separation of source and filter in
MFCC extraction. These results indicate that, in
addition to MFCCs, it may be advantageous for ASR
systems to also extract measures of phonation.
Throughout this study, analysis has been
conducted at the system level, considering overall
speaker-discriminatory performance. However, the
variability across the 20 replications (regardless of the
input features) shows that some speakers are easier to
separate than others. This means that overall systemlevel performance, and the potential improvement in
performance due to VQ, is dependent on the makeup
of the development, test, and reference sets. There are
two implications of this. First, it is important to test
systems with different configurations of speakers to
assess variability in performance (as discussed in
[29]). Second, caution should be exercised when
generalising about the speaker-discriminatory power
of features or combinations of features based on
overall system performance (such as in [4]). While
our results are useful in a general sense, they tell us
little about specific cases. For instance, knowing that
laryngeal VQ generally improves ASR performance
in mobile conditions does not necessarily mean it will
be useful for the specific suspect and offender voices
in a given case. Rather, as we highlight in [12], more
research in forensic voice comparison should focus
on understanding the behaviour of individual
speakers within systems, to try to better understand
the conclusions we arrive at in casework.
5. CONCLUSIONS
This study has examined the speaker discriminatory
value of long-term acoustic measures of laryngeal
VQ. The results confirm analysts’ intuitions that VQ
is an extremely useful variable in forensic voice
comparison cases. VQ has also been shown to be
capable of improving ASR performance, especially
when channel is degraded.
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ABSTRACT
Little is known about the nature or extent of everyday
variability in voice quality within a speaker or how
this differs across speakers. Using principal
component analysis, we identified measures that
account for perceptually relevant acoustic variance
within speakers. Based on face-identity studies and
cognitive models of speaker recognition, we
hypothesized that a few components would be shared
across speakers, but that much of what characterizes
individual talkers would be idiosyncratic. Fifty
female and fifty male speakers of English provided
multiple sentence productions recorded over three
days. Acoustic parameters were measured for vowels
and approximants. For both females and males, the
most variance (20%/22%) was accounted for by
variability in source spectral shape and by the balance
of harmonic versus inharmonic energy in the voice.
Formant frequencies accounted for an additional
12%/12% of variance. Remaining variance appeared
largely idiosyncratic. Notably, F0 did not emerge.
Implications for voice recognition are discussed.
Keywords: voice quality, voice acoustics, variability,
principal component analysis
1. INTRODUCTION
What makes your voice yours? The human voice
provides significant clues to personal identity.
Nevertheless, individual vocal behavior during voice
production is highly variable. Although listeners can,
to some extent, cope with this variability to establish
a stable identity percept, across voices intra-speaker
variability makes recognition and discrimination
challenging tasks [1–5]. Despite increasing attention
to personal voice quality, little is known about the
nature or extent of intra-speaker variability, and how
it differs across speakers.
Prototype-based approaches are often invoked to
account for the computational/neural processes
underlying voice identity perception [6–8]. In these
accounts, each voice is represented in terms of its
deviations from a prototype voice, which resides at
the center of a multidimensional acoustical ‘voice
space.’ Deviations from prototypicality are stored as
unique ‘reference patterns’ for each identity [9, 10].
While these models account for how listeners tell
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voices apart, they are underspecified with respect to
how within-speaker variation affects formation of
reference patterns, and thus the extraction of voice
identity [11].
Ample evidence exists for striking similarities
between face and voice identity processing [7, 12,
13]. It has become increasingly clear that natural
variability within faces (for example, with changes in
orientation or emotion) is essential to learning new
faces [14–16]. Our study is informed by [17], which
used principal component analysis to investigate how
images of the same person vary across different
photos of that person. The first few components to
emerge for analyses of individual faces were
consistent across faces of different identities, but the
dimensions that appeared in later components did not
generalize well from one face to another.
Here, we evaluated voice variation both within
and across speakers by employing principal
component analysis. The components that emerge
from such analyses can be thought of as forming
dimensions of an acoustic space specific to a given
voice, in which that voice varies. Based on [17] and
on cognitive models of voice processing, we
hypothesized that a few dimensions would
consistently emerge from analyses of individual
speakers, but that much more of what characterizes
vocal variability within a speaker would be
idiosyncratic. We tested this hypothesis against
multiple sentence productions from 100 native
speakers of English, using a suite of measures that
map between acoustics and perception of voice
quality [18]. Additionally, we examined the
dimensions characterizing acoustic variability across
speakers and compared these to within-speaker
acoustic variability.
2. METHODS
2.1. Speakers and voice samples

The voices of 50 female and 50 male speakers drawn
from the UCLA Speaker Variability Database were
used in this experiment [19]. All were native speakers
of English, similar in age (F: 18-29, M: 18-26), with
no known vocal disorder or speech complaints, and
all were undergraduate students at the time of
recording. Recordings were made in a soundattenuated booth at a sampling rate of 22 kHz using a
microphone suspended from a baseball cap worn by
the speaker.

The database provides significant within- and
between-speaker variability. Speakers were recorded
on 3 different days and performed multiple speech
tasks (e.g., reading, unscripted speech tasks,
conversations). The current study used recordings of
5 Harvard sentences [20], read twice each day (a total
of 6 repetitions per sentence over 3 recording
sessions). As such, variability reported in this paper
was calculated over each sentence production and its
scope is limited to the reading task.
2.2. Measurements and data processing

Acoustic measurements were made automatically
every 5 ms on vowels and approximants excerpted
from each sentence, using VoiceSauce [21]. The
acoustic parameters included: fundamental frequency
(F0); the first four formant frequencies (F1, F2, F3,
F4) and formant dispersion (FD, often correlated with
vocal tract length [22]), calculated as the average
difference in frequency between each adjacent pair of
formants; the relative amplitude of the cepstral peak
prominence in relation to the expected amplitude as
derived via linear regression (CPP) [23]; root mean
square energy calculated over five pitch pulses
(energy); the amplitude ratio between subharmonics
and harmonics (SHR) [24]; the relative amplitudes of
the first and second harmonics (H1*-H2*), the
second and fourth harmonics (H2*-H4*), the spectral
slopes from the fourth harmonic to the harmonic
nearest 2 kHz in frequency (H4*-H2kHz*), and from
the harmonic nearest 2 kHz to the harmonic nearest 5
kHz in frequency (H2kHz*-H5kHz). Values of
harmonics marked with * were corrected for the
influence of formants on harmonic amplitudes [24,
25]. As a set, these measures constitute a
psychoacoustic model of voice quality [18].
Frames with missing or obviously erroneous
parameter values (for example, impossible 0 values)
were removed. Next, for each speaker, the obtained
values of each acoustic variable were normalized with
respect to the overall minimum and maximum values
from that speaker’s entire set of samples, so that all
variables ranged from 0 to 1. Then, for each sentence
production, a smoothing window of 50 ms (10
observations) was used to calculate moving averages
of the 13 variables during that sentence. The
corresponding moving coefficients of variation were
also calculated as estimates of signal variability, so
that the input to the principal component analysis
included both steady-state and time-varying aspects
of voice quality. Across speakers, the above
winnowing and post-processing steps resulted in
about 515k data frames (F: 266k, M: 249k).
2.3. Principal component analysis

In principal component analysis (PCA), variables that
are correlated with one another but relatively
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independent of other subsets of variables are
combined into components, with the goal of reducing
a large number of variables into a smaller set which
are thought to reflect internal structures that have
created the correlations among variables. As
moderate correlations were expected between
variables, we employed an oblique rotation to create
the simplest possible factor structure for our data [26,
27]. For within-speaker analyses, PCA was
performed separately on each individual talker’s
measurement data to reveal the dimensions of the
voice variability space for that particular voice. For
combined speaker analyses, PCA was performed
separately on data from females and males, pooling
the 50 speakers’ data in each analysis. PCs were
restricted to the resulting factorial solutions with
eigenvalues greater than 1 [29], which was also
visually confirmed with Scree plots [30]. In our study,
the combination of variables with loadings at or
exceeding 0.32 on a given component were
considered to form a principal component [31].
3. RESULTS
Although all acoustic variables were entered
simultaneously into the analyses, for brevity they are
grouped into 5 categories, following [32]: i) F0; ii)
formant frequencies (F1, F2, F3, F4, FD); iii)
spectral noise (CPP, energy, SHR); iv) source
spectral shape (H1*-H2*, H2*-H4*, H4*-H2kHz*,
H2kHz*-H5kHz); and v) variability (coefficients of
variation for all measures).
3.1. Within-speaker PCA: Common dimensions for
individual speakers

Across individual speakers the total number of
retained components (PCs) having eigenvalues
greater than 1 ranged from 6 to 9. These components
accounted for 65%-74% (M=69%) of the cumulative
variance for individual female speakers and 62%73% (M=68%) for individual male speakers.
We counted the number of times each acoustic
category appeared in a within-speaker solution for
each of the 100 speakers. Fig. 1 shows the distribution
of variables and weights for the variables that
emerged in the first two components (PC1, PC2). The
first component accounted for 17%-23% (M=20%)
and 20%-25% (M=22%) of the variance for females
and males, respectively. For both females and males,
the most frequently emerging variable in PC1 for
individual speakers is variability (dark grey bars in
PC1). (Detailed sub-analyses appear below.)
For female speakers, PC2 accounted for 10%-16%
(M=12%) of variance. The variable most frequently
associated with this component for each of the
speakers was formant frequencies (black bars in
PC2). For male speakers, the second component
accounted for 10%-14% (M=12%) of the variance.

F: count
M: count

50
40
30
20
10

PC1

Notably, except for a single male speaker, F0 did not
emerge in the first two components.

PC2

Table 1: Patterns of weights on the rotated
component loading for acoustic variables in the first
two PCs across speakers.

F0
formant frequency
spectral noise
source spectral shape
variability

0
50
40
30
20
10

PC

0

1

-1 -.5 0 .5 1 -1 -.5 0 .5 1
weight

Figure 1: Distribution of acoustic parameters
plotted (stacked histogram) against the rotated
component loadings (weight).

Primary
variable
spectral shape
variability
formant
frequency
variability
formant
frequencies
formant
frequency
variability
noise

While the measures associated with this component
varied somewhat across the individual speakers,
formant frequencies and variability appeared more
frequently than other variables. After these two PCs,
the remaining variance was largely idiosyncratic,
with the dimensionality of the voice space differing
for different speakers. For example, the component in
which F0 emerged ranged from PC3 to PC8 across
individuals. Similar patterns were observed for the
rest of the measures.
Recall that the variability measure included
coefficients of variation derived from all 13 acoustic
variables. Table 1 summarizes the observed patterns
of weights for individual variables on the rotated
component loading for the first two PCs. The column
labelled ‘primary variable’ shows the variable with
the largest weight within each component. The next
most weighted variable in that component is listed as
the secondary variable. The shaded cells indicate the
variability measures.
This closer analysis of the variability measures
revealed that for many speakers (both female and
male) the most variance is accounted for by the
combination of variability in source spectral shape
and spectral noise. An additional analysis further
revealed that while across speakers all 4 measures of
source spectral variability (H1*-H2*, H2*-H4*, H4*H2kHz*, H2kHz*-H5kHz) emerged in the first
component, spectral slope variability in the higher
frequencies — H2kHz*-H5kHz — was the
dominant measure. The other important emerging
variable, spectral noise variability, was mostly related
to variability in CPP. Additionally, for many female
speakers variability in formant frequencies was the
most representative variable in the first component.
For both female and male individual speakers,
formant frequencies and their variability emerged
as the second PC. In this component, the F4 and FD
measures appeared most important across speakers.
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spectral shape
formant
frequencies
2

formant
frequency
variability
F0

Secondary
variable
noise
variability

# of
speakers
F: 40/50
M: 44/50

noise
variability

F: 3/50
M: 3/50

N/A

F: 4/50

noise

F: 3/50

spectral shape
variability
N/A
formant
frequency
variability

M:2/50
M: 1/50
F: 50/50
M: 15/50

formant
frequencies

M: 34/50

spectral shape

M: 1/50

3.2. Between-speaker PCA: “General” voice spaces

For both female and male speakers, the total number
of extracted PCs was 8, accounting for 67% of the
cumulative variance for female speakers and 66% for
male speakers. Not surprisingly given how consistent
results were across individual speakers, patterns of
acoustic variability in these multi-talker spaces
largely mirrored the patterns found within speakers.
The first PC was composed of variability in source
spectral shape and spectral noise, accounting for
18% and 20% of variance across females and males,
respectively. As was the case with within-speaker
analyses, variability in H2kHz*-H5kHz and CPP
were the most important variables for this PC.
The second component accounted for 11% of
variance in female voices, and corresponded to
formant frequencies. For males, spectral slope in
the higher frequencies and F2 accounted for 10% of
variance in the combined acoustic data. The opposite
was observed for the third component: an additional
10% of the variance was accounted for by the higher
frequencies and F2 for females; formant frequencies
accounted for 9% of the variance in male voices. F0
only emerged in the later components (PC5 for
females, PC4 for males) and accounted for very little
variance in the data (6% for females, 7% for males).
4. DISCUSSION AND CONCLUSIONS
Variability is a key factor in models of voice
perception and speaker identification. Using principal

component analysis, this study identified voice
quality measures that accounted for perceptually
relevant acoustic variance both within individual
talkers and for the pooled groups of speakers. Unlike
previous studies of within-talker variations in voice
(e.g., [33]), this study included multiple sustained
utterances from large numbers of male and female
speakers, and included variation within and across
utterances and over time.
As hypothesized, results paralleled [17]’s for
within-face variability. The first two PCs, which
accounted for the most acoustic variability (but not
the majority of variability) within a speaker, were
shared by nearly all speakers. For both females and
males, the combination of higher-frequency harmonic
and inharmonic energy (associated with the degree of
perceived breathiness or brightness [34]), accounted
for the most variance within talkers. Formant
frequencies and their variability also appeared to
explain considerable within-voice acoustic variance;
formant dispersion, associated with vocal tract length
[22], appeared to be the core variable in this
component. However, the majority of within-person
acoustic variability was in fact idiosyncratic—the
talker-specific dimensionality of the derived voice
spaces differed for different talkers.
Similar dimensions also emerged when data from
all male and female speakers were analyzed in two
group PCAs. Although this finding may appear trivial
given the homogeneity of the individual results, in
fact there is no a priori reason why individual
solutions should have coincided as they did, and
hence no a priori reason why individual and “general”
acoustic spaces should be so similar.
The fact that F0 did not emerge in the early
retained components for either the within-speaker or
group analyses is a bit puzzling given that listeners
are often sensitive to even small differences in F0
during voice processing [32, 34–37]. This finding
might be due to the use of read speech in the present
study, during which F0 variability is often limited.
While F0 is useful for telling people apart, it might
have ignorable perceptual weighting in tasks such as
“telling people together” [5], which depend on
within-, rather than between-speaker differences in
voice. Alternatively, the lack of a major F0
component in our results may be an artefact of our
normalization technique, which was based on
acoustic ranges, but did not take into account
differences in perceptual sensitivity to different
variables. However, we note that previous studies
reporting an F0 factor have used similar
normalization procedures and steady-state vowels
(e.g., [33]). This apparent discrepancy between
acoustic structure and perceptual data requires further
consideration.
These results have implications for current
prototype models of voice processing [6, 7, 38],
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which are underspecified with respect to withinperson variability in voice. Our results suggest that
the within-person reference patterns are mainly
computed over the balance of harmonic versus
inharmonic energy and formant frequencies in the
voice. Likewise, group analyses suggest that the
“general” voice spaces are formulated with reference
to the same attributes. These and the remaining
idiosyncratic vocal behaviors form a person-specific
voice space. These individual voice spaces could then
enter into a “general” voice space, in which betweenspeaker differences in voice are evaluated.
Perceptual processes can only make use of the
acoustic input they receive, so understanding the
structure of acoustic voice spaces can provide insight
into why voice perception functions as it does. Our
results suggest that perception of unfamiliar voices is
a two-part process. The fact that individual and group
voice spaces have a similar acoustic structure
suggests that in one part, listeners find the position of
the voice in a “general” voice space relative to the
overall prototype for that population of speakers. The
large amount of idiosyncratic acoustic variance
suggests that a second stage of processing is needed,
in which these rather under-specified individual voice
patterns are separated from their nearest neighbors in
the general voice space, using ad hoc featural
analysis. Such a scenario is broadly consistent with
the finding that voice discrimination requires both
right (pattern recognition) and left (featural analysis)
hemisphere participation [40].
In conclusion, our study applied principal
component analysis to identify measures that
characterize variability in voice quality within and
between speakers. A few components were shared
across speakers, but most patterns of within-speaker
acoustic variability in voice were idiosyncratic. Our
results further showed that the measures that were
frequently shared by individual speakers also
characterized voice variation across speakers,
suggesting that individual and “general” voice spaces
are indeed composed of a similar acoustic structure.
Our results have implications for unfamiliar voice
perception and processing, in particular, providing
evidence for what comprises a reference pattern in
individual and universal voice spaces. Going forward,
it will be essential to consider how these identified
measures of within-person variability would be used
in listeners’ identity processing behaviors and how
they interact with between-speaker differences.
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ABSTRACT
This study tests the linguistic importance of various
acoustic properties of creaky voice for Mandarin tone
perception. Mandarin native speakers identified tones
with resynthesized copies of natural tokens, with four
citation tones and with one of four creak
manipulations: low spectral tilt, irregular F0, pitch
doubling, and extra-low F0. Listeners were most
sensitive to extra-low F0, which affected
identification of the four tones differently: it
improved the identification accuracy of Tone 3 and
hindered that of Tone 1 and Tone 4. Irregular F0 also
hindered Tone 1 identification. No effect of the creak
manipulations was found for Tone 2 accuracy. Thus,
creak is used in Mandarin tone identification to the
extent that it involves low F0 and irregular F0.

This leads to the research question: what specific
attributes of creaky voice play a role in tonal
identification? Given that creaky voice accompanies
the production of Mandarin Tones 2, 3, and 4, we
hypothesize that listeners may use all available
acoustic cues of creaky voice in tone identification.
For Tones 2, 3, and 4 that have creak, creak attributes
may have positive effects; for the high level Tone 1,
creak attributes may have negative effects. In
particular, if creaky voice in Mandarin is mainly due
to the occurrence of a low pitch, as documented in the
production studies mentioned above, listeners may be
more sensitive to the low F0 among all possible creak
attributes. In this study, we test these hypotheses in a
tone identification task.
2. METHODS
2.1. Stimuli

Keywords: creaky voice, tonal perception, F0
1. INTRODUCTION
Acoustic properties of different kinds of creaky voice
have been documented by [15], who claimed that low
F0, irregular F0, or constricted quality each can be
sufficient for generating a percept of creaky voice
[10]. Still, it remains to be shown whether the
different acoustic attributes of creak are linguistically
important. For example, in tone languages like
Mandarin, where voice quality covaries with pitch
[19], it is unclear how voice source parameters
interact with F0 in tone identification.
Production studies of Mandarin utterances show
that creak is mostly seen on the lowest dipping Tone
3, but can also occur on tones with a low pitch target
(rising Tone 2 and falling Tone 4) [1, 3, 7, 14, 19].
This implies that creaky voice in Mandarin is
associated with a low F0 [19]. Results of perceptual
studies disagree as to the importance of creak in
Mandarin tone identification [2, 6, 9, 23]. For
example, [9] found no effect of simulated pitch
halving on T3 and T4 identification, and [6] did not
show biased T3 responses for tokens with jitter in T2
and T3 perception. However, other studies reported
facilitation or improvement of Tone 3 identification
in a gating task with naturalistic stimuli with creak [2]
and for resynthesized stimuli [23].
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Target monosyllables /jou/, /jau/, /ɕi/, and /ja/,
controlled for orthographic frequency from
SUBTLEX-CH [5], were produced by a Beijing
female speaker using the four citation tones. Original
syllables were resynthesized based on a single Tone
1 token with modal or “creaky” voice using the Klatt
synthesizer [17] in Praat [4]. The duration of stimuli
differs across target monosyllables, while
maintaining a fixed value within each monosyllable.
The amplitude of stimuli was scaled to 75 dB after all
manipulations described in following subsections.
2.1.1. Modal tokens
After the natural tokens were resynthesized, some
preset voice parameters such as Aspiration, Open
Phase (H1–H2), and Spectral Tilt (H1–3000Hz) were
modified to ensure naturalness of the voice. These
were included for all stimuli, but the last two
parameters were further manipulated for certain creak
attributes, as discussed below.
The pitch contours of the original tones were
modeled based on the speaker’s production using
minimal determinant points. Linear interpolation was
added among F0 points, as shown in Fig. 1. The
duration of pitch contours was adjusted accordingly
in order to fit the duration of each monosyllable.

Figure 1: Resynthesized F0 tracks of token /jou/.
(T1: thin solid, 232.7~246.5~250.9 Hz; T2: thin
dotted, 190~200~255 Hz; T3: thick solid,
196.5~138~200 Hz; T4: thick dotted, 245~148 Hz)

interpolated to the modal value at the end of the
vowel.
Figure 2: Spectrum for low spectral tilt of T1 /jou/.
(Left: modal; Right: low spectral tilt) Note the H1–
3000 Hz slope.
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Creaky stimuli were resynthesized from the modal
stimuli described above by adding a “creak” portion
in different positions which correspond to the loci of
a low pitch target; namely, at the beginning of Tone
2, in the middle of Tone 3, and at the end of Tone 4.
The splice points for creak were chosen from the
onset, middle, and the end of the target vowel, each
spanning a one-third window of the entire duration.
The values of the creak parameters linearly
interpolated between the critical “creak” region and
the modal portion of the vowel. For Tone 1, the creak
attributes were added throughout the entire duration,
because no portion of that tone is associated with a
low F0 or creak. The “creak” portion had one of four
manipulations: low spectral tilt, irregular F0, pitch
doubling, and extra-low F0. The values of parameters
used in Klatt synthesizer are shown in Table 1.
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Irregular F0 was manipulated using the Flutter
parameter to create jitter, or pulse-to-pulse variation
in F0 (Fig. 3). Pitch doubling, indicating an
alternating pitch cycle, was created using the Double
Pulsing parameter (Fig. 4). The specific parameter
values were chosen so as to create a percept of creak
while still ensuring a natural voice quality.
Stimuli with extra-low F0 were created by
lowering the minimum F0 value in the modal stimuli
by three semitones for each tone.
Figure 3: Spectrogram for irregular F0 of T1 /jou/.

Table 1: Klatt parameters for creaky stimuli.

Parameter
Open Phase (low H1–H2)
Spectral tilt (low H1–3000Hz)
Flutter (irregular F0)
Double pulsing (pitch doubling)
Extra-low F0

Value
0.2
0
0.95
0.15
by 3 semitones

Figure 4: Waveform for pitch doubling of T1 /jou/.
Note the alternation of strong and weak pulses.

Stimuli with low spectral tilt were created by
lowering two parameters: Open Phase (H1–H2) and
Spectral Tilt (H1–3000 Hz), resulting in less energy
in the first harmonic relative to the second harmonic
and higher frequencies (Fig. 2). Note that, although
more energy in higher frequencies is associated with
creak, [20] also showed that low spectral tilt could
bias English listeners to perceive a higher pitch.
To illustrate an example: in Tone 2 the parameter
of Open Phase was set to the low value of 0.2
throughout the first third of the vowel duration, after
which it rose linearly to a modal preset value of 0.5 at
the end of the vowel. Consequently, this manipulation
spanned the first ⅓ portion of the vowel and linearly
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2.2. Participants and procedure

Thirty-two (6 males, 26 females; mean age: 20.16;
range: 18-24) native Mandarin Chinese speakers were
recruited from the undergraduate population at
UCSD. Participants had no prior exposure to auditory
training and no hearing or language disorders
reported.
The experiment, which was implemented in
PsychoPy, consisted of two blocks of forced-choice

tonal identification tasks among the four Mandarin
tones. The experiment took place in a soundattenuated booth and was presented over headphones.
The order of the stimulus presentation with
corresponding Chinese characters and tone labels was
randomized across participants. Listeners were asked
to choose among four characters which word they
heard by pressing keyboard buttons. Stimuli were
played at a fixed volume with an interstimulus
interval of 500 ms following the previous response.
The stimulus set contains 4 target words x 4 tones
(T1, T2, T3, T4) x (4 creak attributes (low spectral
tilt, irregular F0, pitch doubling, extra-low F0) + 4
repetitions of modal voice) x 2 block repetitions,
resulting in 256 stimuli in total. Creaky and modal
tokens were balanced across trials.

(χ2 (4) = 2.06, p = .72). The different effects of
extra-low F0 on identification accuracy are illustrated
in Figure 5.
Figure 5: Accuracy under modal and extra-low F0
manipulations across tones. (Error bars: 95% CI ±
mean)

***

**

***

3. RESULTS
We used generalized linear and linear mixed-effects
model comparisons (lme4 package in R) for response
accuracy and log-transformed response time, and
investigated the roles of tone and manipulation of the
acoustic attributes (modal, low spectral tilt, irregular
F0, pitch doubling, extra-low F0) as fixed factors,
with random intercepts for subjects, words, and
repetitions. Trials in which participants took less than
50 ms or longer than 2000 ms to respond after the
stimulus were excluded; after z-score normalization
within participants, outliers greater or less than 2.5
standard deviations from the individual means were
also excluded (in total, 5.9% trials of the overall data).
Accuracy varied as a function of tone (χ2 (3) =
391.1, p < .001), as well as the interaction between
tone and manipulation (χ2 (12) = 71.15, p < .001).
There was no main effect of manipulation (χ2 (4) =
0.60, p = .96). All the creak attributes in the
manipulation were compared to the mean-centered
modal tokens. These results indicate that single
attributes of creaky voice did not affect accuracy
independently of tone; instead, they differently
affected the identification of each tone. Extra-low F0
was the only creak attribute that played a significant
role in tone identification (β = -0.86, p < .01).
Next, we review the results for each tone.
Manipulation affected Tone 3 accuracy (χ2 (4) = 27.32,
p < .001), with extra-low F0 showing improvement in
tone identification (β = 1.28, p < .001). Manipulation
also affected Tone 4 accuracy (χ2 (4) = 38.35, p
< .001); extra-low F0 showed worsening (β = -1.61, p
< .001), and a marginal effect of low spectral tilt
showed improvement (β = 1.72, p = .087). The effect
of manipulation was marginally significant for Tone
1 accuracy (χ2 (4) = 8.83, p = .065). Extra-low F0
decreased Tone 1 accuracy (β = -1.01, p < .01). No
effect of manipulation was found for Tone 2 accuracy
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Overall, the four tones were all identified well
above chance (25%), but Tone 3 showed the lowest
identification accuracy (T1: 95.71%, T2: 93.99%, T3:
81.17%, T4: 97.03%). Specifically, the tone
confusion patterns with the extra-low F0 stimuli are
shown in Table 2.
Table 2: Confusion matrix across extra-low F0
stimuli. (Responses are in percentage.)

Actual
Response
T1
T2
T3
T4

T1

T2

T3

T4

92.24
7.35
0
0.41

0.83
95.04
3.72
0.41

0
8.4
91.18
0.42

0.42
0.42
9.28
89.87

Log-transformed response time (log RT) varied
as a function of tone (χ2 (3) = 129.33, p < .001),
manipulation (χ2 (4) = 10.57, p < .05), and their
interaction (χ2 (12) = 78.27, p < .001). Irregular F0 (β
= 0.016, p < .05) and extra-low F0 (β = 0.025, p < .001)
delayed the response time overall.
Modal Tone 1 had the fastest responses compared
to other modal tones (970.36 ms). Manipulation
affected the log RT for Tone 1 (χ2 (4) = 19.94, p
< .001), with both irregular F0 (β = 0.017, p < .05)
and extra-low F0 (β = 0.025, p < .001) slowing the
response time. Manipulation affected the log RT for
Tone 2 (χ2 (4) = 22.55, p < .001); extra-low F0
accelerated the response time (β = -0.027, p < .001).
Manipulation also had a significant effect on the log
RT in Tone 4 identification (χ2 (4) = 61.28, p < .001),
with extra-low F0 slowing responses (β = 0.051, p
< .001). No effect of manipulation was found for
Tone 3 log RT (χ2 (4) = 0.90, p = .92). Figure 6 shows
the different effects of irregular F0 and extra-low F0
on log RT for each tone.

Figure 6: Log response time under modal, irregular
F0, and extra-low F0 manipulations across tones.
(Error bars: 95% CI ± mean)

***
*

***

***

4. DISCUSSION
Overall the results indicate that extra-low F0 and
irregular F0 affected Mandarin tone identification
accuracy and/or speed. The hindering effect of extralow F0 and irregular F0 for Tone 1 identification
confirms that T1 is perceived as a modal tone with a
high pitch. Deviation from this F0 pattern by a low or
irregular F0 could lead to lower Tone 1 identification.
But in this study, the creak attributes were
synthesized over the entire duration of T1, which may
have induced stronger effects of creak (cf. Cantonese
[24]). For Tone 2, extra-low F0 resulted in faster
responses. We suspect this speaks to the nature of the
F0 contour of the resynthesized stimuli. The F0 shape
of T2 sloped gently during the first two thirds and
rose up steeply thereafter. This could make T2 at the
beginning sound more confusable with T1, so that
listeners would need to wait until the late rise
occurred to identify the tone; with an extra-low F0
added at the beginning, listeners might have
responded faster given the initial rise as a cue to T2.
For Tone 4, extra-low F0 always had negative effects
on identification. The F0 contour in T4 spanned the
largest pitch range, and adding an extra-low F0 at the
end resulted in a dramatic-sounding pitch fall, which
may have sounded more similar to T3.
Interestingly, though extra-low F0 improved
Tone 3 identification, it did not affect response time.
In fact, none of the other attributes of creak improved
Tone 3 identification accuracy or speed, even though
this tone is generally produced with creak (see similar
findings for White Hmong in [12]).
The results speak to the fact that creak attributes
are inherently different from one another. Low
spectral tilt does not directly depend on F0, and can
cue a higher pitch [20], which is at odds with creak
induced by a low F0. Still, this attribute did not
improve Tone 1 identification either. In production,
low spectral tilt also often appears together with other
attributes such as low and irregular F0, and as such
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might not be able to serve as an independent acoustic
cue to creaky voice. In contrast, extra-low F0, pitch
doubling, and F0 irregularity might affect pitch and
tone perception more strongly because they directly
change the F0 contour. But pitch doubling did not
affect tone perception in the current study, possibly
due to a percept of rough voice quality created by
alternating pulses [13].
Thus, it is possible that individual acoustic
correlates of creaky voice are not independently
sufficient to affect tonal identification, and that low
F0 must accompany the changes in voice quality. This
suggests that the cues may integrate perceptually with
low F0 in tonal contrasts, similar to the cues to
voicing contrasts (see e.g., [16]). Furthermore, the
current results (cf. [6, 9]) do not completely accord
with studies that show effects of creak on T3
perception [2, 23]. This is likely due to different task
designs. In previous studies, creak likely had cooccurring acoustic attributes, whereas here only
single attributes were tested at a time. Thus, we see
weaker effects of creak attributes in isolation. Future
work will explore which combinations of the
correlates play a role in pitch and tone perception, as
well as stimuli with stretches of actual creaky voice.
Indeed, how these correlates contribute to pitch/tone
perception is still unclear, as seen from the various
relations between pitch and voice quality in tone and
register languages (such as Mandarin, Cantonese [24],
Mpi [22], Mazatec [11], White Hmong [8], Black
Miao [18], Zapotec [21]).
Nonetheless, the fact that cues to creaky voice
other than extra-low F0 did not play a strong role
corroborates the claim that creaky voice is caused by
low-F0 targets in production, in accordance with
previous production studies in Mandarin. It is also
possible that the F0 cues were so robust that the creak
attributes did not have a chance to affect tonal
perception (see e.g., [9]). Follow-up experiments will
look into this possibility by mitigating F0 robustness
and strengthening creaky voice.
5. CONCLUSIONS
Mandarin listeners were most sensitive to an extralow F0 among other creak attributes in a citation tone
signal. This confirms a mapping from production to
perception that creaky voice in Mandarin is caused by
a low F0, which in turn is used by listeners for tone
identification. The present study shows that probing
different attributes of creak furthers our
understanding of the relation between F0 and creaky
voice, and between tone perception and production,
which could have implications for practical
applications such as tone recognition and simulation.
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ABSTRACT
One of the frequently cited characteristics of
individuals with autism spectrum disorders (ASD) is
their alleged inability to detect verbal irony. The
purpose of the present study was to test this claim. We
studied 13 male adolescent patients who had been
diagnosed with Asperger autism and who were all
living in an institution. They were asked to rate a total
of one hundred single-word utterances as “serious” or
“not serious”. Given the brevity of the stimulus
material, this task can be regarded as extremely
difficult. Stimuli were taken from a previous
experiment so that perception rates for typically
developed controls existed.
The Asperger patients turned out to be
significantly better at identifying sincere statements
than the controls were, whereas the latter were more
successful at identifying sarcastic utterances, this
difference falling short of significance, though.
Possible reasons for these results will be explored.
Keywords: Asperger autism, irony, sarcasm
1. INTRODUCTION
This contribution deals with two concepts which
are highly controversial: autism and verbal irony.
Firstly, there is no such thing as “the” autistic patient.
There is general agreement that just about every case
of autism spectrum disorder (ASD) is different [5]. A
general distinction can be drawn between “highfunctioning autism” (HFA) and “low-functioning
autism” (LFA), the former being characterized by
special gifts and the latter by a minimum of social
interaction, [5]. The present study deals with HFA
only, which still cannot be taken to imply group
homogeneity.
The second variable is verbal irony. In most
research, a defining element of verbal irony is
considered to be a difference between what is said and
what is meant [8, 22], sometimes narrowed down to
saying the opposite of what is meant, cf. e.g. [19].
While this is generally correct, there are exceptions to
this divergence. For example, someone who has just
been in a car accident after having had a few beers in
addition to being on medication might try to avoid
further police investigation by replying “Yes, of
course, and I also popped a few pills” in an ironic tone
of voice to police questioning him. This could be
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called “fake irony”, cf. [6, 13], where the content is
factually correct, but the ironic tone of voice is used
as a cover-up. While this is admittedly an exceptional
case of irony, it nonetheless demonstrates that verbal
irony is a phenomenon which is not easily described.
When talking about verbal irony, one important
distinction has to be made: the one between sarcastic
irony and kind irony. Sarcastic irony is the more
frequent realization of ironic behaviour [15]. It
consists of blame by praise, i.e. an outwardly positive
remark like “great” is intended to signal a negative
attitude. The opposite is true for so-called kind irony.
Here, an outwardly negative utterance is intended as
praise, as e.g. in “nonsense!” as a reaction to a very
flattering toast. Previous studies have demonstrated
that these two kinds of irony are signalled differently
by speakers, cf. e.g. [3, 23].
As far as sarcasm is concerned, most researchers
have found the ironic stimuli to be slower, lowerpitched, and more monotonous than the sincere ones
[11, 21, 19, 3, 8, 4, 16, 22, 10]. On all parameters
except tempo, though, there is some degree of
disagreement, e.g., Schaffer [20] finds an increase in
mean F0 and melodiousness for sarcasm. Results on
intensity are mixed as well. Whereas Rockwell [19]
and Scharrer et al. [22] describe an increase, some
authors find reduced intensity in sarcastic utterances,
e.g. Schmiedel [23] and Cheang and Pell [8] find no
difference.
Kind irony, on the other hand, was found to be
signalled by a longer duration, a higher voice pitch
and melodiousness (measured in terms of mean
fundamental frequency and its standard deviation) as
well as a higher intensity as compared to sincere
utterances [3, 23]. Those results suggest that it is not
so much the difference between sincerity and irony
which is signalled, but instead the underlying
sentiment of the speaker [2, 6].
Perception studies have shown that ordinary
listeners are able to identify sarcastic utterances well
above chance, cf. e.g. [19, 13, 20, 9, 7, 17]. This even
applies to very short stimuli (one word consisting of
a maximum of two syllables) [16, 23]. The latter
found average recognition rates of 69%. Recognition
rates for kind irony were found to be slightly, but not
significantly, above those for “classical” sarcasm
[23].
As opposed to “typically developing” (TD)
controls, Asperger patients are said to have problems

recognizing irony [14] and to take every utterance
literally instead. This is supposedly related to their
having a limited ability to empathize. Adachi et al. [1]
even propose to use this as a differential diagnostic
criterion for distinguishing attention deficit/
hyperactivity disorder (ADHD) from autism. The
inability to process verbal irony forms part of
textbook knowledge about ASD [5]. On the other
hand, vehement opposition to this claim has been
formulated by Gernsbacher and Pripas-Karpit [12].
They argue that the control groups were often illchosen and that in fact Asperger patients did not have
any more problems with verbal irony than
comparable TD subjects.
An interesting aspect which might help to
explain the contradictory findings was discussed by
Wang et al. [24] They studied the influence of
contextual information vs. vocal cues only on the
correct recognition rates in youths with ASD. They
found that while their ASD patients performed
significantly worse than the controls when prosodic
as well as contextual information was available, their
results did not differ significantly from those of the
TD group when only vocal cues were present.
Functional MRIs of the ASD group showed an
increased activity in the temporal regions of the brain
particularly when they were rold to focus on the tone
of voice, indicating that they had to work harder on
irony detection than TD youths. The authors interpret
their findings as a weakness on the part of the TD
subjects in the context-absent condition rather than a
strength of the ASD patients and still maintain that
ASD subjects “were interpreting the intended
meaning of utterances in a more effortful manner
[…]” p. 941. Pexman et al. [18] found that highfunctioning autism (HFA) children were as good as
TD children at identifying sarcasm, however, they
took longer to make their decisions. They take this as
an indication of different processing strategies. Zalla
et al. [25] also found ASD listeners to be able to
decode sarcasm but somewhat worse than TD
subjects.
The present contribution aims at studying the
alleged disability of ASD patients in even shorter
utterances than Wang et al. [24], i.e. based on singleword utterances comprising two syllables at the most.
We asked the following research questions:
 Are HFA patients able to recognize sarcastic
single-word utterances at a better-than-chance level?
 Are they able to identify these utterances at a
level which is comparable to that of TD listeners
 In view of the fact that the time span which
ss. had spent in the institution, undergoing some
training, differed considerably (see 2. below), a third
question was added: Is there a correlation between the
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time spent in institutional care and the listening
performance?
2. MATERIALS AND METHODS
A total of 13 juvenile male patients who had been
diagnosed with HFA were studied. They were 16.1
years old on average with a range from 13 to 21 years.
All of them were living in an institution at the time of
the experiment. They had been living there for a time
period of 0;4 to 5;8 years. Eleven reported to be righthanded, and two were left-handed. The second author
was working at that institution at the time of the
experiment and therefore succeeded in securing the
subjects’ cooperation.
One hundred single-word utterances consisting
of a maximum of two syllables each were used as
materials. Stimuli were taken from a previous study
[23]. Given the claims made in the research literature
about the inability of Asperger autists to recognize
irony, the authors chose to use sarcastic (blame by
praise) stimuli only and leave kind irony (praise by
blame) aside. This was decided because sarcasm is
the “classic” case of irony and it was therefore
assumed to be easier to handle for the Asperger
patients than kind irony or even a mixture of the two.
In view of the fact that the Asperger youths
tended to have a limited attention span, it was decided
to (a) only use part of Schmiedel’s [23] stimuli and to
(b) split up the recognition experiment in several
small chunks.
The stimuli had been recorded by presenting
speakers with a number of scenarios which suggested
a serious or sarcastic use of a word containing a
maximum of two syllables. An example:
 Paul and Paula are going out to dinner. Paul
(after looking at the menu): “Oh look, they’ve got
your favorite pasta!” Paula: “Tasty!” [sincere]
 Paul and Paula are going out to dinner. Paul
(after looking at the menu): “Oh look, they’ve got
frog’s legs and snails. How does that sound?” Paula:
“Tasty!” [sarcastic]
In order not to make the task too difficult for the
autistic listeners and risk frustrating them, a subset of
100 stimuli were selected from Schmiedel [23]. They
were the ones produced by the five female speakers
which had received the highest overall recognition
rates in that study. Only female speakers were
included in order to avoid distraction caused by
changes in speaker sex during the listening
experiment.
Subjects were tested individually wearing
headphones and on four separate occasions with 25
stimuli each time within a total time span of three
days. They were instructed to decide whether or not
the speaker they were about to hear “really meant

what she said” (‘meinte es ernst’) when she uttered
the word in question. This wording was chosen in
order to approach as closely as possible their
everyday experience. The 44 listeners analyzed by
Schmiedel [23] served as controls in the present
study. They were mostly young adults with an
average age of 28.8 years1.
Results were then compared to those of the
controls. Statistical analyses were carried out using
the SPSS software package, version 25.
The stimuli had been subjected to acoustic
analysis in order to identify differences between the
two sets (sincere and sarcastic) which listener
judgement might rely on. The sincere tokens were
found to be spoken faster, with a higher F0 mean,
standard deviation and range, a lower HNR as well as
a higher intensity than the sarcastic ones.
3. RESULTS
As mentioned earlier, the stimuli selected for this
experiment form only a fraction of those used by
Nauke and Braun [16], let alone [23]. In fact, they
came from the speakers recognized best in the latter
study. Since only overall recognition rates have been
reported in Schmiedel’s previous publications, the
authors extracted the correct recognition rates for
these selected stimuli in the Schmiedel [23] study.
They are 76.1 and 85.0 per cent for the sincere and
sarcastic stimuli, respectively. The detailed results for
the ASD youths are depicted in Table 1.
Table 1: Rates of correct recognition in ASD
listeners (N = 13).
Total (%)

Sincere (%)

Ironic (%)

All listeners

84

90

78

S1

87

97

79

S2

85

91

82

S3

89

90

89

S4

66

69

64

S5

86

98

75

S6

73

80

67

S7

90

87

94

S8

92

91

92

S9

82

98

66

S10

73

96

51

S11

93

92

94

S12

86

96

78

S13

89

92

87

As is evident from Table 1, results are fairly
consistent across participants. The tendency for
higher recognition rates for sincere stimuli holds true
for ten out of the 13 subjects individually. For four
out of five speakers, the ASD listeners outperform the
TD subjects for sincere stimuli and do slightly worse
for the sarcastic ones.
The ASD youths recognize the sincere stimuli
significantly better than the sarcastic ones (p < 0.000;
two-ttailed t-test). This indirectly confirms
expectations that Asperger listeners have problems
identifying irony. However, the absolute recognition
rates are still very high. Since Schmiedel [23] found
no significant difference according to listener sex, the
fact that this experiment is confined to male listeners
is not expected to influence the results.
As indicated above and somewhat unexpectedly,
the Asperger patients’ performance is superior to that
of Schmiedel’s listeners as far as sincere stimuli are
concerned. The difference between Schmiedel’s
results and those of the present study is highly
significant for the sincere (p = .001) but not for the
sarcastic (p = .61; two-tailed t-test) stimuli. This is
even more remarkable considering that listeners had
to base their decisions on a single (stressed) syllable.
Evidently, the prosodic cues contained in that short a
stimulus were sufficient to let them make correct
decisions more often than the TD subjects.
This finding confirms the results reported by
Zalla et al [25] and Pexman et al [18] with respect to
the ASD group. A comparison with the results of
Wang et al [24] is not possible since they do not report
separate results for sincere and ironic stimuli.
Figure 1: Recognition rates by the ASD and the
TD groups compared.

One potential explanation for these findings is that the
excellent performance of the ASD subjects can be
attributed to an effective therapy while living in the

1

The groups were thus not perfectly age matched. However, there
is no indication in the literature that adolescents and young adults
differ in their ability to decode irony.
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institution. In order to look into this possibility more
closely, the time spent in the institution is plotted
against the per cent correct in the present experiment
in Figure 2.
Figure 2: Time spent in institution vs. per cent
correct in Asperger patients.

It is evident from merely looking at the graphs
that there is no correlation between rates of correct
recognition and the duration of stay at the institution.
Indeed, statistical testing shows a slightly, but not
significant negative correlation between those
variables (r = -.26; Spearman rank correlation).
4. DISCUSSION
As far as ASD listeners are concerned, the
expectation that sincere utterances are easier to
process than sarcastic ones is confirmed. Sincere
stimuli were decoded far more correctly than ironic
ones. However, the same does not apply to our TD
listeners. Their recognition rate is higher for the
sarcastic stimuli. This can possibly be attributed to the
way the stimuli were selected: The speakers showing
the highest overall recognition rates in the Schmiedel
study [23] happened to be the ones for whom sarcasm
was recognized very well. When all 20 speakers were
considered, the same listener group was better at
identifying the sincere stimuli.
The fact that the ASD youths did significantly
better at recognizing sincere stimuli than the TD
subjects and did not do significantly worse for the
sarcastic stimuli obviously calls for an explanation
since it contradicts much of the literature on ASD [5,
14]. One possible explanation is that (HF) Asperger
autism as opposed to other manifestations of ASD
simply does not produce the expected behavior. The
present authors came across incidental evidence to
that effect when trying to increase the number of
subjects by testing four more ASD youths (two of
them high functioning and two low functioning) in a
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different institution. According to informal reports by
the caretakers, the patients did not have a good
understanding of irony in everyday life. None of the
youths tolerated being tested even though they knew
the person who administered the test well. Instead,
they demanded to be told who was talking to them,
remarked that they did not like the voice etc. In other
words, those ASD patients who can be tested form a
subset whose performance is probably not
representative. This may help explain why an
inability which figures so prominently in the
textbooks is frequently not observed in empirical
studies.
One factor which clearly had no significant
influence on the identification rates is the time our
subjects had spent in the institution prior to the
experiment. Something which we cannot reliably
assess, though, is the amount of training which they
may have received prior to being admitted to the
institution, but the mere fact that they were
institutionalized suggests that they may not have been
behaving all that unobtrusively before.
However, a more daring hypothesis might be
worth considering in future work. It touches upon the
processing of cues for verbal irony on a more general
level. Strictly speaking, what we tested was the
decoding of phonetic cues to sarcasm. What we did
not test was the role of context information. It may be
inferred from our results that the problems of ASD
patients are not about phonetically coded information
on sarcasm. Instead, context information may be a
disturbing factor, somehow “blurring the picture” and
creating an information overload. In this respect, our
results – even though they are based on shorter stimuli
– confirm those of Wang et al. [24]. While they make
a point of not interpreting their results as an indication
that ASD patients are just as good as TD subjects if
no context is given, we feel rather confident to
specifically make this claim and would encourage
further research in this direction.
It might thus be that ASD patients are able to
process the phonetic cues to sarcasm at a level which
is comparable to TD subjects but are still unable to
assess contextual cues. This would imply that the
lower-level processing of the phonetic cues is intact
while the higher-level processing which takes context
into account may present a problem.
In summary, this is yet another study casting
doubt on the easy claim that Asperger patients are
unable to detect irony. On the other hand, it confirms
the notion of different processing strategies. On a
final note, the question of representativeness in ASD
studies arises., because it is obviously not easy to test
these individuals, and thus those who agreed to take
part in a study may have constituted a positive and yet
non-representative sample.
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ABSTRACT

distance or to counteract extreme behavior of an interlocutor, presumably hoping for them to converge,
such as in slowing down a very fast-talking speaker.
In these cases, the unmediated tendency to converge
might be superseded by a more dominant social motivation to diverge. To account for the varying degree of accommodating behavior found in different
speakers [21], we need to consider that these two
mechanisms might be developed and weighted differently between speakers.
Since phonetic accommodation is assumed to
contribute to the ease and success of HHI [23], it is a
relevant topic for human-computer interaction (HCI)
research as well. A growing number of studies is exploring whether humans accommodate to the speech
output of spoken dialogue systems (SDSs) and how
accommodating behavior on the part of an SDS is
perceived by the user. The phonetic features that
are examined in this context are mainly of global
acoustic-prosodic nature, such as pitch, intensity and
speaking rate [4, 5, 8, 11, 14, 15, 19, 26]. Overall results show that humans indeed accommodate to such
features in HCI, too. However, it remains unclear
whether the underlying factors motivating convergence are the same as in HHI.
We aim to explore whether accommodating behavior in HCI also occurs in more locally anchored
prosodic phenomena, specifically pitch accent realization and intonation of constituent questions,
and on the level of segmental pronunciation, such
as the German allophone pairs [ç] vs. [k] occurring in the suffix h-igi, therefore henceforth [Iç] vs.
[Ik], and [E:] vs. [e:]. Prior work has shown that
speakers generally accommodate to such phenomena [1, 12, 13, 18, 25].
Up to now, SDSs themselves are not phonetically
responsive to the user input. Suggestions for models intended to enable the computer to show phonetically accommodative behavior are being developed [15,24], yet, to the best of our knowledge, there
is no system which could be employed to study the
user side. We hence apply the Wizard-of-Oz (WOz)

This paper presents a Wizard-of-Oz experiment designed to study phonetic accommodation in humancomputer interaction. The experiment comprises
a dynamic exchange of information between a human interlocutor and a supposedly intelligent system, while allowing for planned manipulation of the
system’s speech output on the level of phonetic detail. In the current configuration of the experiment,
we are targeting convergence in allophonic contrasts
and phenomena of local prosody. A study was conducted with 12 German native speakers. The results
of a map task show highly speaker dependent behavior for the contrast [Iç] vs. [Ik] occurring in the German suffix h-igi: during the baseline production of
the target items, speakers either consistently choose
one allophone or use both interchangeably. When
conversing with the system, some speakers converge
to its speech output, while others maintain their preferred variant or even diverge. This reflects individual variation observed in previous work on accommodation.
Keywords: human-computer interaction, Wizardof-Oz experiment, phonetic accommodation
1. INTRODUCTION
It has been shown that phonetic accommodation occurs in human-human interaction (HHI) [2,3,16,20].
Interlocutors adjust their speech output to the speech
input they receive during a conversation. As a result, it can become more or less similar (converging
or diverging, respectively) with respect to a variety
of phonetic features.
Under the assumption that phonetic accommodation is both internally motivated, for instance in
the form of automatic perception–production integration, and externally motivated, for example as a
means to indicate the social relationship to an interlocutor [7], we expect convergence to be the unmarked behavior. Divergence is then expected in
cases where a speaker either aims to increase social
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method to simulate an intelligent SDS as it is good
practice in HCI research [4,9–11,19]. While the user
believes to interact with an autonomous system, it is
in fact the wizard, i.e., the experimenter, who makes
decisions about the system’s responses.
This paper presents the structure of the WOz experiment in its entirety to give a coherent overview
of the interaction. It further shows the results of a
first study on the [Iç] vs. [Ik] contrast. Based on the
individual variation observed in previous work on
accommodation, we expect that the participants can
be grouped into two classes: those who converge to
the system and those who maintain their preferred
variant of the feature.

Figure 1: Where did the animals hide?

2. EXPERIMENTAL SETUP

tures and translates the English adjectives to German
by uttering them in the following carrier sentence:
Das Wort hitemi kenne ich.

2.1. Setting

The WOz experiment is presented to the user as an
application for learning the German language. The
text material used in the experiment is therefore chosen to be accessible to advanced learners of German.
This resembles a realistic use case as it simulates a
scenario from the growing field of computer-assisted
language learning. The experiment can therefore be
disguised as a test of the application, which motivates the situation for the user and shifts the focus
from the user being tested to the system.
The system introduces itself as a female trainer
for German as a foreign language called Mirabella.
The user only interacts with Mirabella’s voice; she
is not represented by an avatar. All utterances available to the wizard to choose from during the experiment were pre-recorded by a female German native
speaker aged 26 years. The recordings were carried
out with a sampling rate of 48 kHz using a stationary
cardioid microphone in a sound-attenuated booth.
The interaction is supported by visualization of
the tasks on a screen. Mirabella explains the tasks to
the user and takes part in them, either by taking turns
in a question-and-answer exchange with the user (cf.
task 3) or by providing missing information to the
user in a map task (cf. task 4).

The word hitemi is known to me.

This task thus ensures that the text material is
known to the user and reveals which versions of [Iç]
vs. [Ik] and [E:] vs. [e:] they naturally prefer. The
individual realizations are perceptually categorized
by the experimenter. Note that we consider fricative
variants such as [S] or [C] as part of the [Iç] category.
The preference is stored in the system and retrieved
in task 4.
Task 2 The user formulates five wh-questions
whose components are given as fragments, e.g., wo
– die Brüder Grimm – geboren sein (where – the
Brothers Grimm – born). Mirabella talks for the first
time when answering these questions.
This task familiarizes the user with Mirabella’s
voice and reveals the intonation they usually apply
when producing constituent questions.
Task 3 Mirabella and the user take turns asking
and answering each other about ten animals hiding
in ten houses (Fig. 1), in the following form:
Q: Wo hat sich hthe animali versteckt?
Where did hthe animali hide?

A: hthe animali hat sich in Haus Nummer
hnumberi versteckt.
hthe animali hid in house number hnumberi.

2.2. Structure

The task includes two rounds of 20 turns, with Mirabella and the user each asking and answering 10
questions per round.
The realization of questions and answers on the
part of the system differs between round one and
round two with respect to pitch accent placement
and intonation to give room for accommodation.
In round 1, Mirabella produces all questions with
nuclear pitch accent on hanimali followed by terminal f0 fall, whereas in round 2, all questions are produced with nuclear pitch accent on the interrogative

The experiment consists of four tasks. The first
two tasks familiarize the user with the system and
text material occurring in the experiment, and elicit
baseline productions of target items. Task 3 tests
pitch accent realization and intonation of constituent
questions, and task 4, the realization of the allophone pairs [Iç] vs. [Ik] and [E:] vs. [e:].
Task 1 All pictures as well as English translations of the adjectives occurring in the experiment
are presented to the user. The latter names the pic-
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pronoun wo followed by terminal high f0 rise.
Mirabella’s answers carry two pitch accents in
round 1, namely on hanimali and hnumberi, while
they carry three pitch accents in round 2, namely on
hanimali, Haus, and hnumberi.
Task 4 The information about the user’s preference with respect to the [Iç] vs. [Ik] and [E:] vs. [e:]
contrasts is automatically retrieved from the results
of task 1. Mirabella then uses the dispreferred forms
throughout the entire task.
The user describes the path from leaving the
house until reaching the destination on a map (see
Fig. 2) while using the prepositions given on the
right side of the screen and subsequently describing
the object in question with the adjective given next
to it, as follows:
a) Ich gehe um den Honig herum.

Figure 2: How do you reach the destination?

the same manner as described in Section 2.1. Mirabella’s utterances were played to the participants
over headphones. The interaction with Mirabella
lasted about 30 min, including short breaks after
tasks 1 and 3. The recordings were followed by a
questionnaire about Mirabella including several 5point Likert scales.

I am walking around the honey.

b) Der Honig ist süß.
The honey is sweet.

Some of the objects and adjectives are hidden behind
boxes. The user asks Mirabella about these items
and she provides the missing information:
obj. Hinter der hcolori Box ist hthe objecti.

3.3. Results

Behind the hcolori box is hthe objecti.

The overall interaction between Mirabella and the
participants went smoothly. Minor deviations from
the planned course on the part of some participants
were successfully guided back on track through directions given by Mirabella. The only deviation that
could not be recovered occured for participant f01
in task 4 who consistently used pronouns instead of
repeating the noun in the second part of the utterance. This resulted in missing values for the respective items (Fig. 3).
The results of the 5-point Likert scales reveal that
participants considered Mirabella to be likeable (unpleasant to very likeable – mean: 4.4), competent
(incompetent to very competent – mean: 4.1) and
very well intelligible (badly to very well – mean: 5).
They also considered Mirabella’s reaction time to be
appropriate (too slow to too fast – mean: 2.8).
Figure 3 shows the results for the [Iç] vs. [Ik] contrast. Half of the participants have a preference to
produce [Iç] during task 1 (base), the other half prefer [Ik]. Eight participants consistently choose one
allophone when naming the items in this task, three
participants (all with preference [Ik]) produce the
dispreferred allophone once (m01 in schattig, f04
in vorsichtig, f09 in neugierig), and only participant
f03 uses both allophones almost equally frequently.
During task 4 (map), four behavioral patterns are
discernible: five participants converge to Mirabella’s
realization of the suffix h-igi in at least one and maximally 13 out of 14 cases. Another five participants

adj. Das Wort hinter der hcolori Box ist hadjectivei.
The word behind the hcolori box is hadjectivei.

Given this information, the user can formulate the
required utterance. If the target item is an object, it
will occur twice in the utterance (Honig in the example above); if the target item is an adjective, it will
occur only once, in the second part of the utterance.
The task consists of four maps with nine objectadjective pairs each. Each map contains three pairs
including an [Iç] vs. [Ik] target (e.g., Computer –
billig), three pairs including an [E:] vs. [e:] target
(e.g., Löwe – gefährlich), and three filler pairs not
including a target (e.g., Wald – dunkel).
3. EXPERIMENT
3.1. Participants

12 German native speakers (9 female) with a mean
age of 22 years (range 18 to 29) were recruited on
the Saarland University campus and paid for taking
part in the study. Two participants have a second native language, with one of them indicating that German is not dominant in his everyday life. All but
two participants are students of linguistics and may
therefore be more aware of the phenomenon tested
in this study than the average user of an SDS.
3.2. Recordings

During the interaction with Mirabella, participants
were seated in front of a monitor and recorded in
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m02

m03

f01

f03

f07

f08

m01

f02

f04

f05

f06

f09

bissig
Honig (2)
Honig
billig
traurig
neugierig
lustig
hungrig
König (2)
König
vorsichtig
schmutzig
schattig
mutig
basemap basemap basemap basemap basemap basemap basemap basemap basemap basemap basemap basemap

Figure 3: Realization of suffix h-igi as [Iç] or [Ik] in the baseline task (1) and the map task (4). Target words
are given in the order of occurrence in the map task, starting with mutig. Solid boxes indicate convergence, dashed
boxes divergence. The indicates missing values. Participants are grouped by preference: [Iç] left and [Ik] right.

maintain their preferred variant in all cases. Participant f09 maintains her preferred variant and diverges
in the case of the only item she produced differently
during the baseline task. Participant f03 maintains
(5 cases), diverges (7 cases), and converges as well
(2 cases).

tive [2, 17]. Furthermore, it has been suggested that
users adapt their language more to that of the system
if they consider the latter to be less capable and more
likely to benefit from the convergence [6, 22]. However, no difference between the assessment of Mirabella’s likeability and competence was found between the different participant groups in this study.

3.4. Discussion

4. CONCLUSION AND FUTURE WORK

Of the 12 participants in the study, the two largest
groups showed either maintaining or converging behavior. Occasional diverging behavior was observed
as well. One participant showed a combination of
all three behavior types.
As the majority of participants in this group were
students of linguistics, the awareness of the German
[Iç] vs. [Ik] contrast might have been above average. One of the two non-linguists (f07) showed the
biggest convergence effect.
The questionnaire completed after the interaction
with Mirabella further revealed that m02, f01, and
f09 have a negative attitude towards the allophone
they do not believe to produce themselves: they consider it to be either “wrong” or at least “not aesthetically pleasing”. Therefore, it comes as no surprise
that they did not converge or, in the case of the second non-linguist (f09), even diverged. All other participants consider the allophone they do not believe
to produce themselves acceptable as well.
Participants m01, f02, and f05 believe to realize
the suffix h-igi as [Iç] in their everyday life, which
does not match their preference in task 1. This mistaken belief is compatible with the fact that m01 and
f02 show converging behavior in task 4, yet difficult
to reconcile with f05 not converging at all.
It has been shown that humans converge more
readily to an interlocutor they consider more attrac-

A WOz experiment simulating an intelligent SDS
was conducted to elicit phonetically accommodative
behavior of users in an HCI scenario. The results
pertaining to the German [Iç] vs. [Ik] contrast were
reported in this paper. Some participants converged
to the SDS with respect to this contrast. We assume
that awareness of and attitude towards the specific
contrast in question might be a reason for some participants not to converge. Therefore, participants
with average linguistic knowledge should be tested,
too. Furthermore, it is possible that more convergence occurs if the SDS appears less competent, for
instance because it asks the user to repeat some of
their utterances. Such interruptions may be introduced judiciously in the course of the experiment.
We are planning to analyze more features, extend the
user group to non-native speakers of German, and
apply synthetic speech instead of natural recordings
in Mirabellas’s utterances.
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ABSTRACT

wardly learnable) dialect changes; that is, those that
involve a shift in a single phonemic or allophonic
category shared by both D1 and D2, or the addition (or suppression) of a simple phonological rule.
Changes involving the acquisition of new phonemic
contrasts, however, seem to be less frequent (or at
least, less frequently attested) [16, 4, 11, 7], and accordingly less is known about the potential explanatory roles of age, exposure, attitude, and other factors in these changes. Yet understanding how these
variables impact new contrast acquisition in a D2
can shed light on the mechanisms of dialect learning
and the levels of representation that are manipulated
during the learning process [12].
The analysis presented here investigates factors
affecting acquisition of the COT/CAUGHT distinction by native speakers of Toronto English who are
now living in New York City. Toronto English, like
most varieties of Canadian English, is characterized
by a historical (and complete) merger of the LOT,
CLOTH, and THOUGHT lexical sets [2]; for lifelong residents of Toronto, words like cot and caught
are produced with the same vowel sound. New York
City, meanwhile, maintains a distinction between
LOT and CLOTH/THOUGHT; cot and caught are
produced with different vowels ([kAt] and [kOt], respectively). While some work has suggested that
this contrast is unlikely to be acquired after about
age 12 [4], other research [12] has found that native
speakers of Canadian English do show evidence of
acquiring a small COT/CAUGHT contrast after having moved to the NYC region in adulthood. These
previous studies could not robustly examine the effect of extralinguistic factors such as Age of Arrival,
Years of Exposure, or Speaker Identity given their
speaker samples. Post hoc examination of speaker
patterns in [12]’s data, however, did suggest a potential predictor that is not typically the focus of SDA
research: the native dialect of the speaker’s spouse
or partner. The current study analyses a new and
larger speaker dataset, with the goal of determining a) whether these speakers also show evidence
of a COT/CAUGHT distinction and b) whether the
magnitude of the distinction is mediated by quality
of exposure (Age of Arrival, Years in NYC), social-

This study describes linguistic and social factors favoring acquisition of a low back vowel contrast by
native speakers of Canadian English living in New
York City (NYC). Previous literature has found that
new phonemic distinctions seem difficult to acquire,
both in L2 and D2 (second dialect) learning contexts. In contrast, this analysis shows that Canadian expats who have been exposed to NYC English
due to mobility show small but significant distinctions between the COT and CAUGHT classes. Intriguingly, the social factor most strongly influencing the magnitude of this new contrast is not total
years spent in NYC or even identification as a New
Yorker, but choice of partner: Canadians married to
New Yorkers show greater COT/CAUGHT contrast.
These findings suggest that long term, consistent input from a regular and important interlocutor may
facilitate the acquisition of new contrasts in a second dialect.
Keywords: dialect acquisition, long-term accommodation, phonemic splits, sociophonetics
1. INTRODUCTION
When a person grows up in one region and later
moves to another, they may change aspects of their
accent to become more similar to that of their new
community. Many developmental, linguistic, and
social factors play a role in this process, usually
termed second dialect acquisition (SDA) [20, 13].
Age of arrival in a new region is a key predictor:
children are more likely to adopt new forms than
adults and younger children use more second dialect (D2) forms than older children [16, 4, 11, 21].
Social and attitudinal factors also play a role, with
both the composition of a speaker’s social network
[8, 6] and their attitudes towards their home and
adopted regions [19, 23] affecting the overall extent to which speakers adopt D2 forms. The impact of such extralinguistic factors has been most
clearly demonstrated in studies focusing on the most
commonly observed (and arguably, most straightfor-
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attitudinal factors (Gender, NYC orientation), or Native Dialect of Partner.

2.3. Data processing and acoustic analysis

Only speech from the conversational portions of interviews is analyzed here. All interviews were transcribed by student RAs using ELAN [5]. Transcripts and wav files were submitted to FAVE-Align
python scripts [18] to generate time-aligned Praat
textgrids with word- and phoneme-level segmentation. Textgrid alignments were spot-checked for accuracy and manually corrected when needed. FAVEExtract scripts were then used to extract Lobanovnormalized formant measurements (rescaled to Hz)
from all stressed vowels longer than 50 msec. The
FAVE-Extract output also included coding for a
number of linguistic context variables, including
preceding and following segment. Default configuration settings for FAVE-Extract were used, with
maximum formant set automatically according to
gender of the speaker. Word class codes assigned
by the CMU dictionary were hand-checked and corrected as needed. All non-pre-rhotic tokens of the
COT and CAUGHT word classes (3587 COT, 1591
CAUGHT) were extracted from the larger dataframe
for the statistical analysis described below.
Each speaker was also assigned a NYC Orientation Score (Fig. 2) based on the content of their interview; these scores are meant to capture and make
more comparable each individual’s orientation towards and sense of identification with New York
City (see [23]’s ‘integration’ scores and [3]’s orientation scores; the system I use draws on relevant aspects of both of these systems).

2. METHOD
2.1. Participants

Data from 29 participants (15 female, 14 male) were
included in this analysis. Participants were recruited
as part of a larger SDA study; all are natives of
Toronto, Ontario (Canada) or nearby towns who
lived in the Toronto metro area until at least age 18.
All participants had been living in New York City
for at least 5 years at the time that data was collected.
Participants varied in their age of arrival in NYC and
in number of years spent there (Fig. 1), as well as
other demographic characteristics such as ethnicity,
which will not be examined here. 10 participants
reported having a spouse or partner who is native to
the NYC region, while the other 19 reported partners
from outside of this region.
Figure 1: Study participants (Women = circles;
men = triangles, here and in all figures)
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2.2. Data collection

Participants took part in sociolinguistic interviews
consisting of conversation, word list readings, and
minimal pair readings and judgments. The conversational portion of the interview included questions
probing the participant’s childhood and life growing
up in Toronto, their experience moving to New York,
and their impressions of similarities and differences
between both Canada and the U.S. and Toronto and
New York City. Interview activities took place in
either a quiet meeting room in the New York Public Library or a quiet room convenient to the participant (such as their home or office), and were
recorded to 44.1kHz 16 bit wav files using a Zoom
H4N PRO digital recorder and an Audio-Technica
AT831R condenser lavalier microphone.

2.4. Statistical analysis

In the first phase of statistical analysis, a MANOVA
was run for each speaker to determine the extent to
which that speaker phonetically distinguished words
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in the COT and CAUGHT classes. The outcome
variables in each model were F1 and F2, and the
predictor variables included following place, following manner, vowel duration, and word class (COT
or CAUGHT, in the NYC dialect). The Pillai score
associated with word class in the MANOVA output
indicates the degree to which the two word class
distributions are distinct while controlling for phonetic context effects, with higher values indicating
greater distinction [10, 15]; the p value associated
with this statistic indicates whether the difference
between distributions is significant.

Figure 4: Pillai scores vs. Age of Arrival in NYC
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3.2. Exposure and social factors

In the second phase of analysis, a fixed-effects
linear regression model was built to determine
whether socio-attitudinal and time-based factors
predict speaker’s degree of COT/CAUGHT distinction. The dependent variable in the analysis was Pillai score (as in [9]). Predictors tested included Ageof-Arrival, Years in New York City, Gender (Male
or Female), New York City Orientation score, and
whether the speaker had a partner who is a native of
New York City (Yes or No).

The distribution of Pillais in Fig. 3 and 4 suggests that Age of Arrival and Amount of Time
spent in the new dialect region do not clearly correlate with degree of COT/CAUGHT distinction. Social/attitudinal factors also do not show an obvious
relationship with Pillai values under graphical inspection (Fig. 5) While the mean Pillai among the
female speakers is greater than that of the male participants in this sample (0.07 vs 0.04), this seems
to be driven by the three highest scores, all held by
women; otherwise, men and women are evenly distributed along the range of scores. NYC orientation
score similarly shows no apparent relationship with
Pillais; those with the strongest orientation towards
NYC do not have the largest distinctions. However,
Fig. 5 suggests possible interactions with the Partner
factor: Men who are partnered with a New Yorker
have higher NYC orientation scores, if not higher
Pillais, while women with NYC partners seem to
have higher Pillais, though not higher NYC orientation.

3. RESULTS

3.1. COT/CAUGHT distinction across speakers

Individual Pillai scores are plotted according to
Years in NYC and Age Moved to NYC in Figs. 3
and 4. Word class emerged as a significant predictor of vowel quality for nineteen of the twenty-nine
speakers (Pillai scores for these nineteen speakers
are plotted in black in these two figures). At the
same time, both the mean Pillai value (0.06) and the
overall range of values (0 to 0.21) are quite low, indicating that all speakers continue to produce the two
word classes with a high degree of overlap in conversational speech.

Figure 5: Pillai scores vs. NYC Orientation. Participants with a NYC partner are plotted in Black;
those with no NYC partner are plotted in Grey
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To verify these observations, a linear fixed-effects
regression model was built manually using a stepdown procedure in R [22]. All five social and experiential variables were included in the first model of
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findings should be taken as suggestive rather than
definitive, given the size of the speaker sample relative to the variation within it. However, it is not
surprising that having a partner from the new dialect
region – a factor that arguably encompasses aspects
of both exposure and orientation/identity – would favor dialect shift: not only does the expat Canadian
presumably receive many consistently realized tokens of relevant vowels from their partner, but the
positive attitude they are likely to have towards their
partner (and the associated high motivation to seek
approval and/or solidarity) will favor accommodation in the short term, and dialect shift in the long
term. These findings suggest that long term, consistent input from a regular and important interlocutor
may facilitate the acquisition of new contrasts in a
second dialect. Future research adding more speakers to the dataset will enable us to determine whether
trends in the data which did not reach significance
in the current models reflect reality (for example,
the apparent interaction between partner and gender,
where it seems to be women with local partners who
are driving the partner effect on Pillai scores).
The findings presented here are consistent with
elaborated theories of phonological representation
such as Exemplar Theory [17], in which listenerspeakers dynamically update phonetically detailed,
existing lexical representations with new dialect input. In these cases, as individual items belonging
to the COT and CAUGHT word classes gradually
shift their representations as a result of contact with
NYC English, a more general phonetic difference
between word classes emerges. Importantly, this
seems to occur without the creation of new abstract
categories, as speakers are themselves unaware of
the contrast, and judge relevant minimal pairs to
sound the same (see [14]). An interesting question for future research is whether such ‘distinctionswithout-a-contrast’ are common in contact situations, whether the new variety is a D2 or an L2.

Pillai score. Non-significant variables were then removed one a time, starting with the variable showing
the smallest effect (Years in NYC), until only significant factors remained. The final model explained
25% of the variance in Pillai (Adjusted R2 =0.25,
F(2, 26)=5.65, p=0.01) and included Partner and
NYC orientation score. Partner had the greatest predictive value for Pillai as a main effect (B= 0.06,
SE=0.02, t=3.19, p<0.001); having a native New
Yorker as a partner is associated with a 0.06 higher
Pillai score, compared to not having such a partner. NYC orientation score also had a significant
effect (B=-0.01, SE=.00, t=-2.36, p=0.02); counterintuitively, each 1 point increase in NYC orientation
was associated with a slight decrease in Pillai score
of 0.01. Age of Arrival, Years in NYC, or Gender did not significantly improve the model, nor did
adding any interactions among the five predictors.
4. GENERAL DISCUSSION
The analysis presented here was carried out to address two questions: to what extent do native speakers of a COT/CAUGHT-merging dialect show evidence of a COT/CAUGHT distinction after longterm exposure to new dialect input, and do exposure
and/or socio-attitudinal factors affect the magnitude
of this distinction? The answer to the first question is complex. On the one hand, a majority of
speakers show evidence of having acquired a phonetic distinction between the COT and CAUGHT
word classes, as shown by the MANOVA outputs.
On the other hand, the distinction is very small; the
categories show high amounts of overlap, suggesting that the difference is not likely to be noticeable by speakers nor strongly relied upon by listeners to identify lexical items. The subtle, gradient nature of this change may reflect the manner
in which speakers learn this contrast in a new dialect region; because the native and new dialects are
mutually intelligible, speakers have no need to explicitly learn new lexical items or their component
phonemic categories, and are largely unaware of the
COT/CAUGHT distinction per se.
The role of extralinguistic factors in predicting
the extent of distinction is also not straightforward.
Age of arrival and years spent in NYC do not predict Pillai scores, contrary to what we might expect
given the importance of these findings in previous
SDA research as well as the second language learning literature [1]. Orientation towards the new dialect region weakly predicts degree of distinction,
while the dialect background of one’s partner has
the strongest predictive value in this dataset. These
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ABSTRACT
Part of the remarkable efficiency of listening is
accommodation to unfamiliar talkers’ specific
pronunciations by retuning of phonemic intercategory boundaries. Such retuning occurs in second
(L2) as well as first language (L1); however, recent
research with emigrés revealed successful adaptation
in the environmental L2 but, unprecedentedly, not in
L1 despite continuing L1 use. A possible explanation
involving relative exposure to novel talkers is here
tested in heritage language users with Mandarin as
family L1 and English as environmental language. In
English, exposure to an ambiguous sound in
disambiguating word contexts prompted the expected
adjustment of phonemic boundaries in subsequent
categorisation. However, no adjustment occurred in
Mandarin, again despite regular use. Participants
reported highly asymmetric interlocutor counts in the
two languages. We conclude that successful retuning
ability requires regular exposure to novel talkers in
the language in question, a criterion not met for the
emigrés’ or for these heritage users’ L1.
Keywords: talker adaptation, talker familiarity, L1,
L2, heritage language.
1. INTRODUCTION
One of the most important features of human
speech perception is its flexibility; talkers who have
never previously been heard are understood on the
first encounter. In the past decade and a half, this
adaptation process has been extensively investigated
using a paradigm in which listeners hear ambiguous
phonetic forms, which can be disambiguated by
reference to existing knowledge (see [1] for a review).
The first use of this paradigm [2] established that
exposure to just 20 exemplars of a deviant phonemic
form induces retuning of the boundaries of the
phoneme in question for that speaker – as long as the
deviant form is heard in real-word contexts so that it
can be assigned to a phonemic category. Thus an
ambiguous sound between [s] and [f] will be judged
to be [s] if heard in words like loose, to be [f] if heard
in words like cliff, but will remain ambiguous if heard
in nonwords such as liff or liss, because these will not
provide the necessary lexical frame of reference to
choose one potential category over the other.
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The learning offers a path for adaptation on first
exposure to speech from a new talker, because it
generalises to other words with the same phoneme, it
occurs with many types of phoneme, in varying
positions in the word, and it is long-lasting, while its
initiation is notably rapid: fewer than 20 exemplars
will also produce retuning (for all details see [1]). It
has been documented for, and is presumed to be used
by, listeners from childhood to old age [3,4].
Importantly for the present work, this learning has
been observed in many languages, both European and
non-European. It also holds for lexically distinctive
non-segmental speech sounds; thus in Mandarin, a
lexical tone ambiguous between Mandarin tones 1
and 2 induced adjustment [5] similar to that seen for
ambiguous phonemes in the same language [6]).
Furthermore, the learning can be successfully applied
not only in the L1 but also in L2 [7-10].
One study of such learning in both the L1 and L2
of the same listeners led to a surprising result. These
listeners were emigrés, with Dutch as L1, but fluent
English as L2 due to longterm residence (on average,
22 years) in an English-language environment. In the
L2, these listeners showed significant adaptation; but
in their L1, no significant learning appeared. This was
particularly unexpected in that they reported, without
exception, continued regular use of their L1 [9].
This unexpected finding could perhaps reflect
the participants’ higher age than in other L2 studies
(though as noted, age is not a relevant factor in the
case of the L1). It could also result from some
aspect of the emigré situation. But also, and
interestingly, it could indicate that talker adaptation
mechanisms (in any language, L1 or L2) require
regular practice for optimal operation. In such a
case, regular use of a language only with longknown family members may need no adaptation,
and hence the practice criterion may not be met.
Emigrés are not the only bilingual user group for
which there is typically a considerable asymmetry
of interlocutor set size for the users’ two languages;
the same often occurs for heritage language users.
In the heritage case, the home L1 is typically used
by and with older family members, while younger
members tend to use the environmental language at
school, at work, and outside the family. In this
study, we test the interlocutor tally account of the
emigré results [9] with heritage language users.

2. PILOT EXPERIMENTS

3. PERCEPTUAL LEARNING EXPERIMENTS

To select an [f]-[s] ambiguous sound for use in the
perceptual learning exposure phase, we conducted for
each language a pilot experiment in which a 41-step
continuum was created. The consonant-vowel (CV)
syllables [fu], [su], and [θu] were produced by female
native speakers of Mandarin and of English. The
fricatives were excised from [fu] and [su] and then
mixed to produce 41 equidistant steps ranging from
100% [f], 0% [s] to 0% [f], 100% [s]. These fricatives
were then spliced onto the vowel [u] from [θu] (to
eliminate the possibility of coarticulatory cues within
the vowel biasing listeners to categorise the
ambiguous fricative as [f] or [s]). A selection of 14
steps from the [f]-[s] continuum served as pilot
stimuli: 1 ([f]), 7, 9, 11, 13, 15, 17, 19, 21, 23, 25, 27,
29 and 41 ([s]). Native listeners of the relevant
language categorised 10 occurrences of each of these
14 steps; in each language, step 17 proved the most
ambiguous token (see Fig. 1), and was thus used in
the ambiguous stimuli for the exposure phase.
Figure 1: Pilot experiments: percentage of [f]
responses for Mandarin (above) and English
(below). For each language, a smooth categorical
function was observed. Each step 17 was chosen as
the ambiguous sound for use in the exposure task.
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3.1.1 Participants
Participants in the perceptual learning experiments
were 25 Mandarin-English early bilinguals (mean age
22.2, SD = 4.9), none of whom reported any vision,
hearing, or language impairments. In comparison to
the emigré listeners in [9], these participants were
much younger, and were not emigrés (all were born
in and still resided in Australia). Moreover, their two
languages, Mandarin and English, are phonologically
dissimilar, unlike English vs. Dutch in the case of [9].

The lexical decision task in each language involved
200 disyllabic items, half being words and half nonwords. Of the words, 40 were training items and 60
fillers. Half of the training items were [f]-words ([f]
as the first phoneme of the second syllable, e.g.,
bu4fa3 ‘illegal’; traffic), and half were s-words ([s] in
the same medial position: e.g., kuan1song1 ‘loose’;
insane). Substituting [f] for [s] in any training item
formed a nonword. The mean frequency for Mandarin
words was 3.68 and 3.82 per million for f-words and
s-words respectively (computed from the online CCL
corpus of PKU). The mean frequency for English
words was 4.3 and 4.1 respectively for f-words and swords (computed from the SUBTLEX Zipf scale).
Two versions of each training item were created:
one natural, and one modified in that the critical
word-medial fricative was replaced by the ambiguous
sound (step 17 from the pilot experiment continuum
in each case; hereafter [?]). Neither [f] nor [s], nor the
similar sounds [ʂ], [ɕ], [ts], and [tʃ] occurred in other
words, or in the nonwords or fillers. Four presentation
orders were created, in which no more than four
words or non-words occurred in a row, and [?] did not
occur within the first 12 trials.

90

5

The perceptual learning experiments consisted of an
exposure phase in which participants heard spoken
items and decided for each whether it was a real word
or a non-word, and a test phase in which they heard
CV syllables and classified each C as [f] or [s]. Both
English and Mandarin materials sets had previously
induced successful perceptual learning in L1 [11].

3.1.2 Exposure phase: Training materials
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the /fu/-/su/ continuum; they were presented 30 times
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3.1.4 Procedure
Each participant completed the perceptual learning
experimental tasks in both Mandarin and English.
These sessions occurred 2-3 weeks apart, with order
of language balanced as far as possible (12/13); the
same held for assignment to the [f]-trained group, for
whom [?] replaced all occurrences of [f], versus to the
[s]-trained group, for whom all occurrences of [s]
were replaced. Each participant was trained on one
sound per language; the trained category was the
same across languages for half the group, different for
the other half. In each lexical decision task the
participants decided for each stimulus item whether it
was a real word or a non-word. In the test task, which
followed completion of the lexical decision task, they
categorised the 150 CV tokens as either [fu] or [su].
At the end of their initial experimental session, all
participants completed a language use questionnaire.

acceptance for the f-trained group (Q1 = 95.4%, Q2 =
98.5%, Q3 = 96.9%, Q4 = 96.9%). Inspection of the
s-trained group revealed that three subjects had
rejected the majority of s-ambiguous items (of 20
items, one rejected 17, another 18, the third all 20).
With these subjects excluded, the s-trained group
quartile scores were Q1 = 60.0%, Q2 = 86.7%, Q3 =
88.9%, Q4 = 86.7%, indicating learning in early trials.
3.2.2 Categorisation results
Figure 2: Percentage of [f] responses by MandarinEnglish early bilinguals to a Mandarin [fu]-[su]
continuum as a function of training group.

3.2 Results

3.2.1 Lexical decision results
In no analysis was the factor session order significant
and to save space it has been omitted from this report.
All participants scored above 55% in lexical decision
in both languages. In Mandarin, the f- and s-trained
groups did not differ (77.6% vs. 78.3%, t(23) = -.14,
p = .891). Both groups correctly rejected Mandarin
nonwords (78.6% and 81.5%, respectively).
Percentages of ambiguous items accepted as
words in the lexical-decision task were calculated for
each participant. The f-trained group accepted 64.5%
of the f-ambiguous items and the s-trained group
accepted 60.4% of the s-ambiguous items as words.
We also tested whether the rate at which ambiguous
items were accepted as words altered over the course
of the lexical decision task, by dividing training trials
into four quartiles. Consistent with prior evidence that
perceptual retuning requires only minimal exposure,
we found no acceptance rate difference in ambiguous
items across training (f-trained group across quartiles
1 to 4: 60.0%, 58.2%, 78.2%, 61.8%; s-trained group
across quartiles 1 to 4: 60.0%, 56.7%, 66.7%, 58.3%).
In English, both f- and s-trained groups correctly
rejected English nonwords (87.0% and 74.5%,
respectively). The groups differed however in their
lexical decisions (overall respectively 91.0% vs.
80.6%; t(23) = 4.45, p < .001). The f-trained group
accepted 96.9% of the 20 f-ambiguous items whereas
the s-trained group only accepted 62.5% of the sambiguous items as words. This is a sign of the “fbias” frequently observed in [f]-[s] retuning (see, e.g.,
[2]), which is held to stem from the relative salience
of acoustic cues to [s] (higher) vs. [f] (lower). A
quartile analysis here showed consistent high rates of
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Figure 3: Percentage of [f] responses by MandarinEnglish early bilinguals to an English [fu]-[su]
continuum as a function of training group.

Perceptual learning was assessed by a 2 × 5 ANOVA
with the between-subjects factor of training group
([f]-trained vs. [s]-trained) and the within-subjects
factor of step (7, 13, 17, 21, 27) separately for each
language. The Mandarin study showed no evidence
of perceptual learning (see Fig. 2). There was a
significant effect of continuum step, F(4, 92) = 314.5,

p < .001, η2𝑝 = .937, but no significant effect of group,
F(1, 23) = 0.5, p = .507, η2𝑝 = .021, and no interaction,
F(4, 92) = 0.3, p = .845, η2𝑝 = .016.
In English, in contrast, the results clearly showed
separation between training groups (see Fig. 3). Here
there was a significant main effect of step, F(4, 92) =
145.7, p < .001, η2𝑝 = .864, a marginal effect of group,
F(1, 23) = 3.6, p = .071, η2𝑝 = .135, and no significant
interaction, F(4, 92) = 1.3, p = .286, η2𝑝 = .052.
Removal from the s-group of the three subjects who
showed no acceptance of [?] as [s] resulted in the
main effect of group becoming significant (p = .03)
while the step effect and interaction did not change.
3.2.3 Questionnaire results
The questionnaire we used contained 126 items in all,
addressing background, family, education and current
usage for each language across a wide range of
situations and purposes. For the present analyses we
draw on the interactional and usage questions only (11
items excluding those on interaction with partners and
pets, which proved not relevant for our sample). These
were: dominant language; most comfortable language
to speak; friends’ native language; rated proficiency;
language used with family; language used with nonfamily; language used at work (N.B. some questions
were rated separately by language). As expected, the
two languages showed sharp response differences.
English had 96% of the 25 participants reporting
dominance, 91.7% talking it always or mostly with
acquaintances and friends, and 86.3% using it more at
work. Mandarin, in contrast, was ranked significantly
higher than English on just one point: 83.3% reported
Mandarin as sole or usual language used with family.
We examined these findings for correlation with a
measure of learning devised by [4] based on the test
data, namely mean training-consistent responses to
the most ambiguous categorisation steps (13, 17, 21).
This measure did not differ across the f- and s-trained
groups on the Mandarin test, t(23) = 0.69, p = .248,
but on the English test the f-group was slightly (but
significantly) more consistent: t(23) = 1.99, p = .029.
Mandarin exposure task results correlated with the
responses to “To what extent do you use Mandarin
with relatives?”, r(24) = .588, p = .002, and inversely
with the same question re English, r(24) = -.474, p =
.011 (the higher the learning scores, the more
Mandarin and the less English). English exposure
task results correlated with responses to “What is the
native language of the majority of your friends and
acquaintances who live here?”, r(24) = .635, p = .001
(higher scores, more English choices). Mandarin test
results correlated negatively with responses to “To
what extent do you use English at work?”, r(24) =
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-.444, p = .017 (higher learning, less English). English
test results correlated with responses to “Do you feel
more comfortable speaking Mandarin, English or
both?”, r(24) = .433, p = .020 (higher learning, more
comfortable with English). Our small sample size as
well as the high degree of skew in the questionnaire
responses make it difficult to draw strong conclusions
regarding these correlations; we note, however, that
all significant findings were in the expected direction.
4. CONCLUSION
This study has supported the prediction that success
in talker adaptation by phoneme category retuning is
likely to be greater when the language in question is
spoken with a larger number of different interlocutors.
This prediction was motivated by the prior finding [9]
that longterm emigrés to an English-speaking country
showed significant retuning in their L2 English, but
no significant learning in their L1, despite the fact that
the L1 remained in regular use. Based on the evidence
that their L1 interlocutors were principally longknown family members, the prediction of [9] was that
variability among interlocutors is essential for the
maintenance of category retuning skill in a language.
The early-bilingual heritage language users in the
present study also reported a consistent difference in
the interlocutor tally per language; the language used
with family was most often Mandarin, while English
was the dominant language and the language most
used in interactions outside the family. Note that
again all our participants reported regularly using
both languages and many reported that speaking each
was equally comfortable. However, their perceptual
learning success was greater in the language in which
they talked with more different people: English. In the
family L1, Mandarin, no significant learning appeared.
Alternative explanations of the [9] result (L1-L2
similarity, participant age, or specificity to the emigré
situation), cannot account for the findings of our
study, which differed from [9] in all these respects. It
also cannot be the case that an adaptation asymmetry
only occurs if the L2 is acquired later than the L1.
Conversing with multiple interlocutors thus seems
to keep listeners’ mechanisms of talker adaptation in
good working order. This is not the only way in which
L2 skills benefit from talker variability; perception of
difficult L2 phoneme contrasts also benefits from
training on productions by multiple talkers [12,13]. It
is also not the only way in which patterns of language
use adversely affect language skill, from fossilisation
in L2 [14] to attrition of L1 [15]. We predict, though,
that the L1 disadvantage we have shown, supporting
the conjecture in [9], is likely not to be permanent, but
rather, reparable by means of experiential alterations.
That however remains a question for future research.
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ABSTRACT

The manual gestures that accompany spoken
utterances come in many different forms, and serve a
number of different purposes. McNeill’s classic
(1975) descriptive types, with referential categories
(iconic, metaphoric and deictic) distinct from a
rhythmic category (beat-like), have become
standard, but this unidimensional view is
inconsistent with parallel observations that
referential gestures can have a rhythmic component
aligned with spoken prominence, and beat-like
gestures can also signal pragmatic meanings. Some
researchers have argued against a 1:1 relationship
between gesture form and function, and proposed to
‘dimensionalize’ analysis of co-speech gestures, on
the basis that all gesture types may have both a
prosodic component and a pragmatic component,
and can express a range of functions. Here we argue
for a dimensionalized system for labelling co-speech
gestures as well as their prosodic and pragmatic
characteristics, and illustrate how such a system can
reveal significant aspects of the speech-gesture
relationship.
Keywords: co-speech gesture, gesture labelling,
beats, dimensionalization, discourse structure
1. INTRODUCTION
It has long been recognized that when a speaker
produces an utterance, many other parts of the body
besides the vocal tract are in motion, and that some
of these extra-vocal-tract movements are related to
the speech act, contributing to the listener’s
understanding of the speaker’s intent (see Kendon
[1], [2] for reviews). Co-speech gesture has been
observed to relate to the speaker’s communicative
intent in a wide variety of ways, including, for
example, visually illustrating an aspect of the
propositional content of the speech or adding
components to the propositional content, enhancing
rhythmic prominences in the speech, marking
aspects of discourse structure, signalling pragmatic
and semantic meaning, signalling aspects of the
social interaction such as politeness, etc. (Kendon
[3], [1], [2]; McNeill [5], [6]; Prieto et al. [7] and
many others). This wide range of observations calls
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for the analysis of large gesture/speech samples, to
quantify aspects of their form and function, and to
test emerging hypotheses.
To facilitate such analyses, McNeill and colleagues
[4], [8] proposed a categorization scheme for
labelling co-speech gestures, which divided gestures
into various types.
These included (roughly
speaking) referential gestures (such as iconic,
metaphoric and deictic), which visually illustrate an
aspect of the spoken utterance, and non-referential
gestures, called beats, generally simpler in form and
aligned with important words. This categorical
scheme allowed McNeill and colleagues to
categorize all of the gestures in their samples, and
inspired a rich set of subsequent studies using the
proposed typology, which has since become
standard methodology in the field. This typology
was largely based on the relation between a gesture
and the propositional content of the speech
(referential gestures), but in part also on the prosodic
structure of the speech (beats, sometimes described
as marking out the rhythm of the speech). There
were also a number of supplemental categories, such
as emblems (conventional gestures with fixed
meanings) and cohesives (gestures indicating
relationships among parts of a communicative
interaction), some of which appeared to relate to
pragmatic meanings, such as aspects of discourse
structure. Thus, from the earliest days of its
widespread application, the gesture categorization
proposal has been accompanied by a parallel set of
observations and hypotheses that undercut---or
perhaps
better,
enrich---the
unidimensional
categorizing approach. Many examples in the
literature suggest that a sharp distinction between
meaning-based referential gestures aligned with
meaning-based elements in the speech, on the one
hand, and rhythm-based beat gestures aligned with
prominences in the speech, on the other, may need
re-thinking. This is because many gestures have
both prosodic and meaning-related characteristics,
suggesting the need to label a number of different
dimensions for each gesture rather than allocating it
to a single category.
McNeill himself has suggested that a dimensional
rather than a categorizing approach would be an

improvement, noting that “none of these ‘categories’
is truly categorical. We should speak instead of
dimensions…iconicity,
metaphoricity,
deixis,
‘temporal highlighting’…social interactivity…The
essential evidence that these semiotic properties are
dimensional and not categorical is that we often find
iconicity, deixis and other features mixing in the
same gesture” ([5], pp. 41-42; see also [9]).
However, this insight has not been generally
incorporated into standard labeling conventions. In
this paper we provide explicit examples of how
referential gestures often align with spoken prosody,
and how beat-like gestures do not always do so.
Such observations support the need for a
dimensionalized system for labeling co-speech
gestures, to explore the hypothesis that all gesture
forms have the potential both to reflect prosodic
characteristics and to signal meanings, whether
propositional or semantic-pragmatic.
The following two sections of this paper briefly
summarize some of the empirical evidence
supporting the twin arguments that (a) the
referential/non-referential
distinction
is
not
equivalent to non-prosodic/prosodic; instead,
referential gestures can sometimes be prosodic, and
non-referential gestures are not always purely
prosodic, and (b) the referential/non-referential
distinction is not equivalent to meaning-bearing/nonmeaning-bearing; instead, non-referential gestures
can sometimes signal meaning.
We propose that all gesture types can in principle
associate with two broad and independent
dimensions, namely (a) rhythmic and prosodic
prominence properties; and (b) a variety of semantic
and pragmatic properties. While we adopt McNeill's
original beat or rhythmic dimension, we argue that it
is more complex than originally envisioned. We
include the iconicity, metaphoricity, and deixis
components in the referential dimension, focussed
on propositional content, and propose, in concert
with the literature, an additional broad 'semanticpragmatic dimension', to include non-referential
aspects of meaning e.g. pragmatics and discourse
structure. On this view, prosodic and pragmatic
characteristics constitute independent layers which
can be added to all gesture types. Examples are
extracted from a study of American English public
speech, where co-speech gestures of public
discourse sessions were coded. Prieto et al. [7],
examined a 16 minute TED talk (given by David
Keith on Sept 26 2007) . Similar findings were noted
in Shattuck-Hufnagel and Ren (2018).
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2. EMPIRICAL EVIDENCE
The following sections provide evidence that
referentiality and rhythmicity do not define distinct
types of gestures, which argues for a dimensionbased annotation system that allows for the capture
of a wide range of combinations of meaning and
rhythmicity.
2.1. Gestures cannot be neatly divided into those that
are prosodic vs those that are referential
2.1.1. Referential gestures (iconics, metaphorics, and
deictics) often align with prosodic prominence in
speech.

For beat gestures, the relation to spoken prosody is
often quite clear. Many studies have shown not only
that the most prominent part of a beat gesture often
temporally associates with a pitch-accented
prominent syllable in speech ([10][11][12]).
However, studies have also shown that other gesture
types such as iconics (e.g., [13]), and pointing
gestures can do the same (e.g., [14][1]). Figure 1
shows one such example extracted from [7] which
illustrates the iconic gesture for “sunk below”
associated with prosodic prominence (expressed
through pitch accentuation) in speech.

Figure 1: Iconic gesture prosodically associated with a pitch
accent “it just sunk below…” (bold indicates pitch accented
syllable). Figure extracted from [7]).

2.1.2. Non-referential gestures (beats) do not always
align with prosodic prominences
Beat gestures are not invariably associated with
prominent positions in speech. For example, recent
work by Rohrer et al. (submitted to this conference),
reporting on a gestural and prosodic analysis of a
French TED Talk, shows that from a total of 654
non-referential beat gestures, only 56.11% were
strictly temporally aligned with a pitch accented
syllable. Further inspection of the non-aligned beats
showed that over 87% of them were associated to
non-prominent syllables at edge-initial AP

boundaries, showing that beats in languages other
than English might be non-rhythmic in nature. This
‘misalignment’ of (beat) gestures may occur also
during lexical searches (Butterworth beats, as per
Stam [15]), in speech errors, hesitations, or restarts,
etc.
Taken together, these results highlight the fact that
more work is needed on the prosodic affiliation of
both referential and non-referential gestures, and
their potential role in marking higher-level prosodic
constituents and speech production planning.
2.2. Non-referential gestures can sometimes bear
meaning as well

The evidence presented in section 2.1 suggests that
referential gestures can sometimes have a rhythmic
or prominence-related quality. Conversely, what
have been termed beats or non-referential gestures
can sometimes signal important information beyond
the marking of spoken prominence. Many authors
have highlighted the fact that beat-like gestures can
signal pragmatic functions within discourse. One of
the clearest of these is focus highlighting and
information status marking (e.g., Loehr [13]: p.84;
see also [1], [5]). McNeill ([5]: p.15) stated that a
beat gesture, in this case defined as a single ‘flick’ of
the hand or finger, “indexes the word or phrase it
accompanies as being significant [...] for its
discourse pragmatic content’’ and that beats can
mark "the introduction of new characters,
summarizing the action, introducing new themes,
etc." Shattuck-Hufnagel and Ren [10] also reported
such overlap in a study of more than 1300 gestures
in a sample of American English academic-style
speech, labelled as Referential, Prosodic/Rhythmic
or Mixed. Their results showed that a number of
gestures were labelled as Mixed, i.e. were seen as
having both Referential and Prosodic characteristics.
The examples in Figure 2 from Prieto et al. also
show that beat-like gestures can convey a variety of
intentions and illocutionary forces which can
distinguish between asserting, ordering, exclaiming,
etc. The two panels show two examples that
illustrate the epistemic functions of beat-like
gestures. While the open palms facing the speaker
(left panel) show low certainty and low degree of
imposition, fist beat gestures (right panel) represent
high certainty and high imposition.
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Figure 2: Left panel: “oh yes, I think it’s bad” referring to
climate change. Right panel: “That report that landed on
President Johnson’s desk…” (bold indicates pitch accented
syllable).

While the hand fist gesture illustrated in the right
panel of Figure 2 conveys a directive/imperative
intent which expresses the goal of inducing action
for the addressee, other hand gestures can express
stronger or milder degrees of the directive function
such as expressing a wish, to permit, concede, offer
or invite, among others. For example, [16] found that
the use of a raised index finger in political discourse
enacts a strong directive intent involving a higher
power status. [17] showed how the “precision grip
gesture” in political discourse enacts not only
information focus but also a second-degree
pragmatic resource for performatively “making a
sharp, effective point”. From a perception point of
view, [18] showed experimentally that different
types of hand gestures strongly affect the evaluation
of persuasion in speech. Specifically, they found that
hand gesture type affected four measures of the
audience evaluation, namely speaker composure and
competence,
speaker
communication
style
effectiveness,
and
message
persuasiveness.
Discourses with referential gestures (e.g., iconic,
metaphoric, and deictic gestures) and discourses
with non-referential beat gestures (cohesive and
rhythmic) were better than non-linked-to-speech
gestures (adaptors) or no-gestures in affecting
message evaluation and judgements about the
speaker by the receivers. In sum, a variety of
epistemic effects are obtained from the use of nonreferential hand gesture types such as the fist or the
precision grip gestures, and more systematic work is
needed on the potential effects of the use of these
gestures on the discourse epistemic assessment.
Such studies will be enabled by a labelling system
which separately annotates the several dimensions.
Some authors, like Bavelas & Chovil [19], have
claimed that hand gestures can be used to signal
interactive conversational meanings such as
common ground. They describe interactive hand
gesture produced with the index fingers, marking
knowledge that is already shared (the equivalent of
“as you know”; see also [20: p. 395]).

Another area of pragmatics which is strongly
affected by gesture realization is politeness. In
English for example it has been shown that in
conversation adults display an array of gestural
mitigation cues such as raised eyebrows, direct body
orientation, a tense, closed position with small
gestures accompanied by a soft voice ([21]), which
influence participants' perceptions of politeness in a
number of ways.
On a related note, a recent study by Yap &
Casasanto (2016) has corroborated the idea that
beat-like gestures also encode semantic and
pragmatic information (see also [23]). Their study
showed that beat gestures produced in a story reflect
the spatial semantics of speech both for literal or
metaphorical space (e.g., moving the hands higher to
express that temperatures are rising, among others).
These examples illustrate that non-referential beatlike gestures can signal a variety of pragmatic
meanings that mark not only the information
structure of the discourse, but also its illocutionary
force, the epistemic stance adopted by the speaker,
and politeness, and other meanings. In fact, it is not
only beat gestures which have all these pragmatic
dimensions but also referential gestures.
For
instance, it is well-known that iconic gestures and
pointing gestures produced with a beat dimension
(i.e. aligned with spoken prosodic prominences) can
signal focus or contrastive focus (see [14]). All in all,
we believe that further work is needed to investigate
the pragmatic dimension of both referential and nonreferential gestures which contributes so much to
discourse and illocutionary meaning, and one tool
that will contribute to this investigation is the
development of dimension-based categorization.
3. PROPOSED LABELLING DIMENSIONS
The discussion above suggests that, as a dimensional
approach to analysing co-speech gestures is worked
out, in addition to its referential component, it
should include a prosodic component, to capture e.g.
the relationship of the gesture to the prosody of the
speech as well as its own rhythmic pattern, a
semantic-pragmatic component, to capture e.g. its
relation to information structure, speech act type,
epistemic status, and affective stance, an interaction
component to capture its function in the social
interaction, and a kinematic component, to capture
aspects such as hand shape, handedness, trajectory
shape, location with respect to the body, etc. Using
this latter dimension, Shattuck-Hufnagel and Ren
[10] have shown that gestures which are
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prosodically beat-like can also have complex shapes
and phases.
4. CONCLUSIONS
We have argued for the proposal that all gesture
types may have both a prosodic component and a
pragmatic component, and can carry out a range of
functions. This proposal directly builds on and
expands previous work, including McNeill's [6]
dimensionalization proposal and Kendon’s ([1], [2],
[3]) observations of both the prosodic and the
pragmatic aspects of co-speech gesture, by
separating out several dimensions, and offering a set
of examples from qualitative analysis and labelling.
Dimensionalizing the analysis of gestures will have
both theoretical and practical advantages. The
practical advantages include comprehensive
labelling which provides a way to annotate nonreferential gestures which fail to fit with the
definition of purely meaningless beats, but instead
contribute pragmatically to the discourse.
Theoretical advantages include facilitation of the
study of the relationship between all types of
gestures and prosodic prominence and phrasing.
Positing a pragmatic dimension will also enable
further study the pragmatic contribution of gesture to
communication. Recent empirical results on the
semantic-pragmatic features of beat gestures seem to
support this proposal for the relationship of these
elements to beat gestures (e.g., [22][23]).
Interestingly, it appears that gesture and spoken
prosody work in parallel ways to jointly encode a set
of sociopragmatic meanings related to information
structure, speech act information, epistemic stance,
or politeness ([24]). For example, focus or
contrastive focus marking across languages is not
only conveyed through prosodic prominence (e.g.,
with pitch accentuation), but also with the associated
use of head nods and manual beat gestures, as well
as eyebrow movements ([25][26][27]). Interestingly,
recent results on the prosody and gesture patterns of
politeness indicate a cross-linguistic tendency to use
prosodic and gestural mitigating strategies when the
interlocutor is of higher status ([28][29][30]).
In sum, the scientific advantage of dimensionalizing
gesture analysis is that it will permit comprehensive
assessment of the patterns of integration between cospeech gestural movements, spoken prosodic
structure and discourse structure that different
gesture types display in large scale corpora.
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ABSTRACT
Previous research on the development of children’s
marking of new referents in speech has traditionally
neglected one source of relevant information: visual
cues to prosodic structure. In light of previous
findings showing that prosody allies with nonreferential body movements in the expression of
information structure, we explore whether preschoolers mark focused information in the discourse
gesturally and/or prosodically. A group of Frenchspeaking pre-schoolers were audio-visually recorded
while producing semi-spontaneous utterances in 3
focus conditions (broad focus; contrastive narrow
focus; corrective narrow focus). The acoustic
(duration and pitch range at the word level) and visual
(head gestures) analyses showed a higher rate of head
gesturing in the narrow focus conditions
(corrective>contrastive>broad), but no effect of focus
condition on word duration nor on pitch range values.
These results indicate that French pre-schoolers use
visual prosody to highlight new/contrastive referents
in the discourse before developing the ability to use
acoustic cues of prosody.

Keywords: narrow focus, children, head gestures,
prosody, French intonation
1. INTRODUCTION
There is now considerable amount of evidence
showing that prosodic features of speech are tightly
coordinated with body movements, at the temporal
level and also at the (semantic and pragmatic)
meaning level (eg. [1], [2]). At the temporal level,
prosodic landmarks are found to serve as anchoring
points for body movements to align with specific
speech locations. Bi-phasic body movements (like
pointing gestures, manual beats, or head nods) all
have a prominent phase (called ‘stroke’ if it is an
interval or ‘apex’ if it is a specific point in time) that
is found to be coupled with pitch-accented syllables
[3]–[6]. Furthermore, prosodic edges (phrase
boundaries) are also found to determine the temporal
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positioning of co-speech gestures [7]–[9]. In
development, children acquire these temporal
alignment patterns as soon as they are able to combine
speech with gestures as a single meaning unit [10].
At the meaning level, adult speakers use both
acoustic (prosodic) and visual (gestural) modalities to
structure information in speech, to indicate sentence
type, or to express emotional and epistemic meaning
(see [2] for a review). This multimodal integration has
also been observed in development. Before entering
the lexical stage, young infants comprehend basic
pragmatic meanings like request or assertion through
prosody and hand gestures, while pre-schoolers
process facial expressions and intonation cues as a
marker of epistemic meanings before they are able to
use lexical means to do so (eg. [11], [12]).
Despite previous research suggesting that children
integrate prosody and body gestures as markers of
pragmatic meaning, a pragmatic component has been
understudied: information structure. Information
structure refers to the marking of the informational
status of discourse referents [13], [14], and prosody is
one of the main strategies that can be used to signal if
a referent is new or given in the discourse. In French,
for instance, the initial and last syllable of focused
words is expected to be lengthened because speakers
insert a prosodic break before and after the focused
element (and lengthening is a marker of phrase
boundary marking [15]-[17]). However, recent
findings suggest that speakers may also use body
movements to mark new referents in the discourse,
with head nods being one of the most frequent
gestural means for this purpose ([18]–[21]).
In development, previous research on children’s
ability to distinguish between new and given
discourse referents has exclusively focused on the
prosodic modality. Current findings suggest an early
use of acoustic marking (by means of pausing, for
instance, [22]) and only a later mastering of adult-like
prosodic-phonological patterns (i.e. adult-like pitch
accent type and placement; see [23] for a review).
Studies of young children’s ability to mark
information structure with gestures are scarce. [24]
reported that Australian 6-year-olds can use hand beat

A total of 24 French-speaking pre-school aged
children participated in our study (mean age: 60
months; age range: 50-67 months; 8 boys). Two
additional children were tested but excluded from the
final sample (one due to colour-blindness issues that
could affect the results of the task, and the other one
due to fussiness).
2.2. Materials

Children produced a total of 60 sentences containing
Noun Phrases that had the following shape: Article +
disyllabic Noun + disyllabic Adjective (eg. Prends la
valise violette ‘Take the purple suitcase’). Two
variables were manipulated and fully crossed: the
type of information status (broad focus, contrastive
narrow focus, or corrective narrow focus), and the
position of the new referent within the sentence
(either at object noun or at the phrase-final adjective
position). This resulted in 5 experimental conditions
(N=12 sentences per condition), summarized in Table
1. All nouns and adjectives were elicited in each
experimental condition to rule out potential effects of
segmental and syllabic structure.
The visual display consisted of a picture of a girl
at the bottom left corner of the screen, who was the
character with whom children were asked to interact.
At the centre of the screen, there was a big bag
containing different objects depending on the
experimental condition. In the broad focus condition,
only one object was shown in the bag; in the
contrastive and corrective focus conditions, two or
more items were shown, either differing in colour (if
the new referent to be emphasized was the adjective)
or in nature (if the new referent to be emphasized was
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Type

New referent

Example for each condition

Broad

2.1. Participants

Table 1: Example of sentences in each experimental
condition. Capital letters indicate contrastive focus,
bold letters indicating corrective focus.

None

Prends la valise violette
Take the suitcase purple

Noun (nonphrase-final)

Prends la VALISE
violette
Take the SUITCASE purple

Adjective
(phrase-final)

Prends la valise VIOLETTE
Take the suitcase PURPLE

Noun (nonphrase-final)

Prends la VALISE
violette
Take the SUITCASE purple

Adjective
(phrase-final)

Prends la valise VIOLETTE
Take the suitcase PURPLE

Contrastive

2. METHODS

the noun). At the top right corner of the screen, an
event was depicted (eg. closed eyes to be opened),
together with one of the objects from inside the bag
(see section 2.3 for further details of the game).

Corrective

gestures aligned with lexical content words to
emphasize discourse referents, and that these gestures
are not always accompanied by pitch accents. It is still
unclear, however, whether children can use gestural
strategies to focus lexical items at earlier stages in
development (i.e. pre-schoolers), and whether they
are able to combine gestural and prosodic marking.
The present study aims at answering these
questions. Given that prosody and gesture go hand in
hand in the development of other pragmatic
components, this could also be the case for the
expression of information status. We expected
children to gesturally and prosodically mark focused
words, and that this marking would be more frequent
for corrective than contrastive focus. We specifically
examined head gestures (nods and tilts) which have
been shown to be frequently used in adults.

2.3. Procedure

The game went as follows: children were told that in
order for Claire (the girl’s name) to launch the events
(eg. opening the eyes), she had to pick the right object
from inside the bag (the target object was shown next
to the image depicting the event). Since Claire could
not see the object herself, children had to give her
instructions about which target object to pick. When
there was a single object inside the bag, children were
expected to produce a sentence in broad focus
condition; when there were several objects inside the
bag, the contrastive focus condition was expected
(emphasizing either the noun if the objects were equal
in colour but differing in shape, or emphasizing the
adjective if they were equal in shape but differing in
colour). If Claire took the wrong object and children
were induced to repeat the instruction, corrective (i.e.
stronger) focus was expected on the target word
(emphasizing the noun or the adjective accordingly).
Children were audio-visually recorded: a camera
was placed in front of them, and a microphone was
placed next to the child.
2.4. Analysis

Children’s productions were coded both
acoustically and gesturally. The ELAN annotation
tool was used for the head gesture coding [25], with
several tiers: word by word orthographic transcription

of the children’s speech (Tier 1), experimental
condition (Tier 2), presence or absence of a head
gesture (yes/no; Tier 3), target word accompanying
the prominent phase of the head movement
(none/noun/adjective; Tier 4), and type of head
movement (none / nod / tilt / chin pointing/ eyebrow
raising; Tier 5). We expected children to produce a
higher amount of head gestures in the corrective than
in the contrastive than in the broad focus conditions,
and to produce these gestures on the new referent
within the utterance (either noun of adjective).
PRAAT was used for the acoustic coding [26],
annotating the orthographic transcription of the
utterance (Tier 2), its word by word (Tier 2) and
syllable by syllable (Tier 3) segmentation, the target
experimental condition (Tier 4), and the F0min and
F0max values within the target noun and target
adjective (Tier 5). Word and syllable segmentations
were automatically performed using SPPAS [27] and
later checked manually. Only full target utterances
(including both Noun and Adjective) were
prosodically analysed, therefore excluding instances
of only Noun or only Adjective, N=186 out of a total
of 1,235). Following adult studies on French prosodic
marking of focus, we expected children to produce
longer word duration and wider F0 range values for
both new referents in the discourse, with even greater
values under corrective focus (corrective >
contrastive > broad). Finally, we expected children to
produce longer syllables at the end of focused
referents, as a sign of Accentual Phrase break
insertion, a common prosodic strategy to mark focus
in French.

revealed a main effect of focus position (p<.001, with
more incorrect alignment when the focalised element
was the non-phrase-final noun), but no main effect of
focus type or any interaction.
Figure 1. Amount of utterances accompanied by a head
gesture in each experimental condition (independently
of the position of the gesture within the utterance).

As for the prosodic analysis, a first ‘lmer’ model
examined whether word duration (calculated as a
ratio between the narrow focus conditions and the
broad focus condition used as a baseline) was
influenced by focus condition and by position of the
target word within the phrase (participant and item as
random factors). Results revealed no main effect of
focus condition (p=.13), no main effect of position of
the target word within the phrase (p=.94), nor an
interaction between these two (p=.37).
Figure 2. Syllable duration values across conditions
and their position within the phrase. A ratio of 1 means
equal length compared to the broad focus condition.

3. RESULTS
Figure 1 shows that, as expected, children produced a
higher proportion of head gestures in the corrective
compared to the contrastive condition and in the
contrastive compared to the broad focus condition (all
gesture types collapsed). We performed Linear
Mixed Models analyses [28] in order to statistically
evaluate the results. A first glmer model with
presence/absence of head gesture as dependent
variable, experimental condition as fixed factor, and
participant and item as random factors, confirmed
these significant differences (broad vs. contrastive:
β=.479, z=1.91, p=.05; broad vs. corrective: β=1.072,
z=4.27, p<.001; contrastive vs. corrective: β=.593,
z=3.02, p<.01). The majority (73%; N=363) of head
gestures were correctly aligned (i.e. the head gesture
accompanied the focused item). A subsequent glmer
model with correct/incorrect alignment as dependent
variable, and focus type (contrastive vs. corrective)
and focus position (on noun vs. on adjective), and
participant and item as random effects, further
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A second model explored whether syllable
duration (calculated as a ratio between the narrow
focus conditions and the broad focus condition as a
baseline) was influenced by focus condition and by
position of the syllable within the phrase (first
syllable of the noun/non-phrase-final element, last
syllable of the noun/non-phrase-final element, first
syllable of the adjective or phrase-final element, last
syllable of the adjective/phrase-final element), with
participants and items as random factors. Results

showed no main effect of focus condition (p=.06), nor
of position of syllable within the phrase (p=.67), and
no interaction (p=.87) (see Figure 2).
A third model investigated whether children used
F0 excursion values (measured as the difference
between F0max and F0min in each word, transformed
in semitones) to distinguish between focus conditions
(participant and item treated as random factors again).
Results showed no main effect of focus condition on
the F0 range values of the target elements (p=.66) (see
Figure 3). An additional analysis was carried out to
explore whether children compressed the F0 range of
non-focused elements instead of expanding the F0
range of focused elements. The results revealed that
the status of the element (focused/non-focused) did
not interact with focus condition (p=.07).
Figure 3. Pitch range values (in semitones) across the
three experimental conditions.

4. DISCUSSION
Previous studies on children’s ability to use prosodic
cues to emphasize new elements in the discourse had
suggested a late development of adult-like prosodic
patterns (pitch accent type and pitch accent
placement). As a consequence, it has been proposed
that children’s mastery of prosodic focus is only
manifest at around 7-8 years of age (see [23] for an
overview). However, one communicative modality
has been omitted in this previous research: the visual
marking of informational focus. Previous findings on
the gesture domain reveal that speakers highlight new
discourse referents not only through acoustic
strategies but also by producing head gestures (i.e.
head nods) and facial expressions (i.e. eyebrow
raising) (see [2] for a review). The present study
aimed at exploring whether this multimodal marking
of focus is already exploited by pre-school aged
children, still developing language.
The results of our study suggest that French preschoolers do not seem to use acoustic-prosodic
marking to distinguish between old and new
information in the discourse, or between new
information and corrected information in the
discourse. Neither pitch range nor word and syllable
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duration values varied across conditions. In the
particular case of syllable duration values, children
did not lengthen syllables at the right-edge nor at the
left-edge of focused elements. This contrasts with
what French-speaking adults do: the focused element
would be phrased into an Accentual Phrase by
lengthening the AP-initial or AP-final syllables and
increasing their pitch excursions ([15]-[17]). It would
be expected that the AP-final lengthening would be
even clearer in utterance-final position (in our
utterances, the adjective-final syllable given the
typical word order in French), but syllable position
was a non-significant factor in our data.
Instead, pre-school children do use head gestures
for that purpose. Children produced a higher rate of
head gestures accompanying utterances in a
corrective narrow focus condition than in contrastive
narrow focus or broad focus conditions. It appears
that French pre-schoolers are able to highlight new
and corrected referents in the discourse by means of
visual communicative strategies before they are able
to use typical acoustic prosodic strategies.
A close inspection of the position of the head
gesture within the utterance has revealed that it is
easier for children to mark focalised elements with a
head gesture when these are in a phrase-final position
(as we found more cases incorrect gesture-speech
alignment when the focused element was the nonphrase-final noun). These are interesting findings
given that adults systematically align acoustically
prominent syllables with the prominent phrases of the
gesture movement [3]–[9]. We assume that the preschoolers’ prosody-gesture misalignment could be
due to their failure to acoustically highlight the target
syllables, and/or also due to their inability to rephrase
the focused elements into APs. Thus the utterancefinal element became their default anchoring position
for gestural apex alignment.
Our results are in line with previous studies on the
development of pragmatic meanings that take into
account multimodal cues. These studies have in fact
observed that children first comprehend pragmatic
(epistemic and ironic) meanings through visual cues
than through prosodic and lexical cues (see [1] for a
review). Body gestures might therefore scaffold the
acquisition of linguistic marking of informational
structure just like they scaffold the acquisition of
other complex pragmatic meanings.
Further cross-linguistic studies that take into
account all communicative modalities are needed to
investigate whether visual cues precede acoustic,
cues independently of the linguistic structure of the
target language, or whether children foster one
modality over the other as a way to overcome
incompletely mastered grammatical complexity.

5. CONCLUSION
An audio-visual production study on a group of
French pre-schoolers has shown that while co-speech,
head gestures, are employed to mark contrastive and
corrective referents, typical acoustic/prosodic means
are not yet acquired. Specifically, a differential
increase in word or syllable duration and/or F0 range
on focused items was not found in our data. Head
gestures, on the other hand, tended to be correctly
aligned with the focused item (this being more
frequent when the focused item was the phrase-final
adjective). These results therefore suggest that
gestural marking of information structure might be
acquired earlier than acoustic-prosodic means.
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ABSTRACT
It is widely held that co-speech gestures are
produced in a coordinated fashion with prosodic
prominence [11, 17]. Studies have shown that
gesture strokes and apexes tend to be temporally
executed in conjunction with pitch accentuation [8,
15, 21, 6, among others]. Fewer studies have looked
at beat gestures as prosodic domain markers, as in
French where pitch accentuation can serve a
demarcative function on the Accentual Phrase (AP)
domain. Prosodic and gestural analyses of an 18minute long academic-style discourse were carried
out, with the goal of exploring the relationship
between beat gesture production and prosodic
structure in French, where pitch accents have a
demarcative function. Our findings show that beat
gesture apexes were aligned with pitch accented
syllables at much lower rates than previously
observed, those that did align prosodically tended to
align with AP-final accents, and finally those that
did not align tended to occur in AP-initial positions.
Keywords: Beat gesture, prosodic-domain marking,
French, Gesture-Speech synchrony
1. INTRODUCTION
1.1. Co-speech Gestures

Co-speech gestures refer to movements of the body
(particularly the hands) that are coordinated with
speech in terms of timing, semantic, and pragmatic
function [16, 17]. Following McNeill’s distinction of
gesture types [17], we can distinguish referential
gestures from non-referential gestures. The former
involves gestures where the hands physically
resemble the referent in speech (iconic gestures),
portray an abstract idea (metaphoric gesture), or
refer to the location of an entity in either real or
abstract space (pointing or deictic gesture). The
latter gesture type, often referred to as beat gestures,
are said to be non-referential in that they do not
portray lexico-semantic meaning in speech. They are
often referred to as beat gestures because of their
typical trajectory form of being an up-and-down
movement like the conductor of an orchestra.
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However, this unidimensional view of beat gestures
has been challenged [see 22, 20, 21]. Nowadays,
beat gestures have been shown to have a more
pragmatic function, working to show information
structure, discourse-narrative structure, as well as
marking rhythm in speech.
It is important to note that McNeill [18] revises
his gesture categorization, noting that they should
not be considered as discrete boxes into which one
gesture can be placed. Instead, he proposes that
these “categories” be viewed as dimensions, where
gestures may carry properties of various categories.
1.2. Gesture-Prosody Interface

McNeill’s original definition of co-speech gestures
included the phonological synchrony of gestures
with speech. This idea was built on previous
research by Kendon [11] who showed a parallel
temporal relationship between the organization of
the speech stream and of gesture production.
Further, Kendon noted that the nuclei of both tone
units and gesticular phrases seemed to coincide in
time. This led McNeill to establish the phonological
synchrony rule, which states that the stroke of a
gesture comes before or ends at the phonological
peak syllable of speech [17].
Since then, a number of studies have investigated
the temporal alignment between gestural and
prosodic prominence. One major study by [8]
analyzed spontaneous discourse by an American
English native speaker at a town-hall meeting, and
found that the speaker’s gesture apexes co-occurred
with a pitch accent 95.7% of the time. In another
corpus analysis of American English conversational
speech in by [15], the author found that pitch accents
and gesture apexes “co-occur repeatedly” (p. 81),
and that the distance in milliseconds between the
two phenomena were distributed closely around
zero, with an average of pitch accents occurring 17
milliseconds after gesture apex. These previous
studies, however, did not account for gesture type. A
study by [6] investigated the production of deictic
gestures by native Catalan speakers in a
pointing/naming task and found that gesture apex
was tightly correlated with pitch peaks and both
were bound by prosodic phrasing.

Specifically regarding non-referential gestures,
[21] found that apexes occurred during a pitchaccented syllable 83.13% of the time in a corpus of
American English academic-style discourse. More
granularly, a study by [13] on the prosodic
anchoring of beat gesture during a reading task
showed that the closest landmark in speech to beat
apexes was the pitch peak in the stressed syllables.
As mentioned, most of these studies used English
as the language of study, where pitch accents reflect
phrasal-level prominences based on the speaker’s
intentions. Fewer studies have investigated the cooccurrence of gesture and prosodic prominence in
other languages like French, where prominence is
fixed at the phrasal level and pitch accents may
serve a demarcative function rather than a merely
prominence-lending function. In French, pitch
accents typically mark the edges of the Accentual
Phrase (AP, the smallest prosodic phrase made up of
a lexical word and all the functional word that the it
governs, see [9, 10, 19, 3]. Indeed, the AP contains
an obligatory pitch accent on the right edge (often
realized as H*, though not always) and an “optional”
rising pitch excursion on the left edge (Hi). The
realization of the initial pitch excursion is not
entirely clear but it has been suggested for reasons
such as to mark the left edge of the AP, to build up
rhythmic patterns or to adding emphasis [1, 4, 5].
While the initial accent is not generally prominencelending, it is sometimes strengthened during
emphatic speech [7]. For the purposes of this
preliminary study, any initial rise will be referred to
as a pitch accent.
To the authors’ knowledge, only one study has
directly investigated the temporal relationship
between beat gestures and prosodic structure in
French. Using spontaneous conversational speech,
[7] analyzed the co-occurrence of gesture with
prosodic emphasis compared to their co-occurrence
with thematic structures such as left dislocation and
pseudo-cleft constructions. The author describes
prosodic emphasis as the presence of an “unusually
strong word onset” (p. 2) which would roughly
correspond to the (Hi) accent previously described.
She showed that gestures reinforced prosodic
emphasis more than thematic structures. Particularly
regarding prosodic emphasis, she found that beat
gestures are associated with prosodic emphasis more
than other gesture types. However, the study limits
its investigation of prosodic emphasis to initial
accents and does not account for the potential effects
of phrase-final, obligatory prominence. The current
study aims to expand on this previous work,
accounting for the temporal relationship between
gesture and prosody in French academic-style
discourse. The study will determine how gesture
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production is modulated based on the prosodic
structure in French, where pitch accents have a
demarcative function of the Accentual Phrase
domain. Specifically we ask (a) whether beat gesture
apexes in French tend to be temporally associated
with pitch accents, as in other languages; (b)
whether they occur more often on syllables that are
prosodically marked with initial or final accents
within the Accentual Phrase, and (c) if they mark
prosodic AP phrasing independently of pitch
accents.
2. METHODS
2.1. Corpus

The speech sample used for this study comes from a
larger corpus of academic-style or motivational
lectures in the form of TED Talks. The TED Talk
given by [12] was chosen for (a) his extensive use of
gesture, as well as (b) the fact that the video editing
of the talk allowed for large stretches of video where
his gestures were visible. The original video lasts
18m 24s. Moments where the speaker could not be
seen were excluded from the analyses, leaving a
total of 11m and 45s for analysis.
2.2. Gestural and prosodic annotation

The gestural annotation was carried out in ELAN
[24] by the first author (see Figure 1). The video was
annotated for gesture in two phases. First, the
temporal structure of gestures was annotated. This
was carried out without the audio in order to avoid
any potential influences of pitch accentuation on the
placement of gesture strokes and apexes. Following
the description by [11], gesture units were first
annotated and then separated into their individual
components (preparation, stroke, recovery, pre/post-stroke holds). On a separate tier, the apex was
annotated.
The apex was determined as follows: for
unidirectional strokes, the endpoint was considered
the apex, for bidirectional strokes, the point of
change in direction was annotated as the apex, and
in multidirectional strokes, multiple apexes were
annotated at points of zero acceleration [14: 190].
Second, once all gesture phases and apexes were
annotated without sounds, the video was replayed
with sound to determine the gesture category for
each stroke according to [17, 18]. If the gesture
showed no clear reference to concurrent speech
content in terms of hand form or trajectory, the
gesture was labelled as a beat. Ambiguous gesture
phasing was also modified or re-categorized in
function with speech; however, the temporal
boundaries of apexes were not modified.

Figure 1: Sample Gesture annotation in ELAN of [12] at 3m 08s showing a beat gesture and a deictic gesture,
including tiers for transcription, gesture type, phrasing, and apex.

Prosody was annotated separately using PRAAT
[2]. Prosodic annotations followed F_ToBI labelling
as laid out in [3] (see Figure 2 below).
Prosodic phrasing is indicated by a “break” tier,
where a break level 0 refers to word boundaries that
involve clitics. A break level 1 is used to denote
boundaries between two lexical words. The smallest
prosodic phrase (break level 2) is the Accentual
Phrase, which is always bounded by a pitch accent
on the right edge which is coded as (T*). An
optional rising pitch excursion may occur in the
initial syllables of the AP, which is encoded as (Hi).
Low tones may occur at the left edge of the AP,
labelled as (aL), or before the final pitch accent,
labelled as (L). Higher prosodic phrasing was
labelled for intermediate (ip) and full intonational
(IP) phrases (breaks 3 and 4, respectively), along
with their corresponding boundary tones (T- for
break 3; T% for break 4).
Figure 2: Sample of F_ToBI annotation
corresponding to the beat gesture from Figure 1 at
3m 08s

3. RESULTS
The study will determine how gesture production is
modulated based on the prosodic structure in French,
specifically asking: (a) whether beat gestures in
French tend to be temporally associated with pitch
accents, (b) whether they occur more often on initial
or final accents within the AP, and (c) if gestures
mark prosodic phrasing independently of pitch
accents.
Table 1 below shows the total number of gesture
apexes produced by gesture type. We found a total
of 779 gesture apexes. Of those, 108 were referential
in nature (12 iconic, 69 metaphoric, 27 deictic) and
670 were non-referential beat gestures. In other
words, 86% of this speaker’s gestures were nonreferential in nature.
Table 1: The total number of gesture apexes
produced per gesture type as per [2].

Gesture Type
Grand Total
Beat
Referential
Iconic
Metaphoric
Deictic

Once the independent annotations of prosody and
gesture were finished, the prosodic annotation was
imported into the ELAN file on separate tiers and a
CSV file was produced that contained the time
stamped data for gesture phrasing, apex position,
and the prosodic annotations. This allowed for
millisecond precision in determining the alignment
between gesture apexes and syllables with initial or
final accents.
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Apexes
779
670
108
12
69
27

Of the 670 beat apexes, a total of 25 apexes were
not included in further analyses for two reasons.
Nine of them occurred in close temporal proximity
to another beat apex, causing them to fall on the
same syllable. The other 16 apexes occurred at
moments when there was no co-occurring speech.
This leaves us with a total of 645 apexes to analyse.
In order to assess the percentage of beat apexes
that are aligned with their associated accented
syllables, be it initial accents (Hi) or final accents
(T*), we counted strict co-occurrence of the apex
within the accented syllable. This will be referred to
as “strict alignment”. However, as apexes that occur
up to 200ms before stressed syllables can still be
perceived as prosodically aligned [13], apexes that
did not strictly occur on accented syllables were
further analysed: their distance in milliseconds to the

nearest pitch accented syllable, and the number of
syllables from the right edge of the AP were noted.
In cases where the non-aligned apex fell within 120
ms of a stressed syllable, the first author revised the
video to determine whether perceptually the gesture
apex seemed to align with a pitch accented syllable.
This distance was chosen as it was just short of our
speaker’s average syllable duration (148 ms). If the
author perceived alignment, the apex was considered
as perceptively aligned. These results will be
referred to as “non-strict alignment”.
Table 2 shows the percentage of strictly and nonstrictly aligned beat apexes in regards with respect to
initial or final accents. The results show that 56.11%
of the beat gestures strictly aligned with a pitch
accented syllable. Of these beats that aligned
prosodically, 9.76% fell on initial accents and
45.58% on final accents. As for the non-strict
alignment, we found that 12.87% were associated
with initial accents, 59.22% with final accents, and
27.91% were not loosely aligned with a pitch
accented syllable. Chi-squared analyses confirm that
beat gestures that coincide with pitch accentuation
are more likely to occur on final accents than initial
ones (strict alignment, χ2(1, N=357) = 8.41,
p=0.0037; non-strict alignment, χ2(1, N=465) =
10.29, p = 0.0013 ).
Table 2: The percent of alignment of beat gesture
apexes with either initial accent (Hi) or final accent
(T*) accented syllables in either a strict or nonstrict sense. The total number of apexes is given in
parentheses.

Accent type
Initial
accent (Hi)
Final
accent (T*)
No
alignment

Percent (number) of beats
Strict
Non-strict
alignment
alignment
9.76%
12.87%
(63)
(83)
45.58%
59.22%
(294)
(382)
44.65%
27.91%
(288)
(180)

Finally, it was decided that if the 180 misaligned
apexes still occurred within the first 3 syllables of an
AP, that it could be considered as marking the left
edge of that prosodic phrase [23]. Of the 180
misaligned beat apexes, over 72.23% of the apexes
occurred in an AP-initial positions. Specifically, 64
(35.56%) occurred on the first syllable of the AP, 66
(36.67%) on the second syllable, 31 (17.22%) on the
third syllable, and only 19 occurring beyond the
third syllable. This indeed shows that a good
percentage of beat gestures are aligned with initial
positions of the AP that contain no pitch
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accentuation. A two-sample Kolmogorov-Smirnov
test showed that this distribution does not
significantly differ from that of the initial accent
(with or without beats), where 75 (25.33%) occurred
on the first syllable, 130 (43.91%) on the second, 60
(20.27 %) on the third, and only 31 (10.49%)
occurring beyond the third (D(5,6) = 0.4, p = 0.652).
4. DISCUSSION
In general terms, the results of this analysis lend
support to the hypothesis that academic style
discourse is primarily accompanied by nonreferential beat gesture [21]. Indeed, the French
speaker used non-referential beat gestures 86% of
the time. In regards to our first research question,
however, it seems that beat gestures are not as
tightly associated with pitch accent as in other
languages (namely, English). The same study by
[21] found rates of association for similar speech
styles as high as 83.13%. This is not the case for
French. We found much lower rates, especially
when considering the data for strict overlap. Even
looking at non-strict overlap, we find that only about
73% of the apexes co-occur with a pitch accented
syllable. This finding suggests that factors apart
from pitch accentuation may be influencing their
planning and/or production.
Regarding our second research question, beat
gestures seem to co-occur more frequently on APfinal pitch accents. This is a particularly surprising
finding as both beat gestures and initial accents can
be used to mark emphasis. Perhaps the acoustic
features of the final accent (namely having a longer
duration) may act as an attractor. It may thus be
fruitful to look towards higher levels in the prosodic
hierarchy, where nuclear AP-final pitch accents (the
last accent in an ip or IP) are accompanied by
greater amounts of syllable lengthening [1]. Further,
future studies should distinguish initial accent type.
Finally, our findings suggest that beat gestures
may be marking the left edge of the AP
independently of pitch accents. While the prospect
of a prosodic-domain marking function of beat
gestures is quite interesting, further exploration
needs to be carried out in order to rule out other
possibilities. It may be of more interest to look at the
syllables where these misaligned beats fall, as they
may still be metrically strong syllables, thus marking
rhythm in French. Other influences may not be
related to speech prosody, such as pragmatic intent.
Taken together, these findings suggest that beat
gestures are not merely a reflection of rhythmic
prominence in the hands, but may well have other
prosodic functions such as prosodic-edge marking
that warrant further investigation.
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ABSTRACT
Rhythmic perception-action coupling through
sensorimotor synchronization has been studied with
non-verbal, simple and complex auditory signals like
a metronome and music. Applications of the
paradigm to language are relatively rare, but could
provide a valuable tool for investigating rhythm
perception in speech. The aim of the present study is
to compare sensorimotor synchronisation with simple
non-verbal and verbal stimuli.
Twenty-nine English-speaking participants tapped
in synchrony with, and after listening to, a set of pure
tones and simple syllables at three different tempi.
Synchronisation to the vowel onset of verbal stimuli
was comparable to the synchronisation to the acoustic
onset of simple tones. Stability of inter-tap intervals
decreased in the non-synchronised continuation
condition at a slower tempo. These findings suggest
that similar perceptual mechanisms are in place for
simple auditory stimuli, regardless of their origin and
complexity, and support the idea that processing and
encoding of linguistic prosody relies on general
aspects of the perceptual and motor system.
Keywords: speech rhythm; rhythm perception;
sensorimotor synchronisation; movement.
1. INTRODUCTION
Rhythm perception in music is sometimes viewed as
based on the extraction of a beat – a steady, repeating
(and therefore predictable), subjectively prominent
pulse that can be tracked even among temporal
irregularities of a complex signal [9]. The perceived
beat is known to evoke time-locked body movements
in listeners, most readily observable in dance or other
forms of embodied responses to music. In healthy
individuals, such beat perception and synchronisation
do not require much conscious effort. Moving to the
beat of music is a natural and widespread response to
a subjectively experienced beat.
A growing body of research has exploited this
ability of external, rhythmically structured events to
entrain movement. The sensorimotor synchronisation
(SMS) paradigm has been developed and successfully
utilised as a laboratory tool to study rhythm
perception and production, as well as the properties
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of the human timing system by observing how a
motor action (e.g. finger tapping) is temporally
coordinated with an external auditory event [2, 17].
In contrast, the nature of linguistic rhythm has
been a matter of controversial debates [3, 19]. Neither
speech production research [1, 6], nor perception
experiments [13, 15] have helped to resolve the
controversy. The present study aims to test a new
movement-based paradigm to address the issue.
SMS with language has been studied only rarely
[e.g. 8, 11] as it is generally agreed that in contrast to
music, language does not naturally entrain movement
[4]. Moreover, SMS with language displays a high
amount of variation in comparison to SMS with
music, cf. coefficients of variation of 30% vs. 4%,
respectively (after [4]). Yet despite the issue of an
increased variability, SMS seems to capture some
core properties of rhythmic variation both between
languages [11] and within a language [8].
The SMS performance might appear poorer with
language than with music because acoustic targets of
synchronisation are more difficult to define. For this
reason, previous studies of SMS with language [8, 11]
avoided to apply any common measures of
synchronisation accuracy [2] and calculated measures
of tapping variability instead. Alternatively, this
methodological issue might be alleviated by using a
non-synchronised continuation (NSC) paradigm
where listeners are asked to tap the perceived rhythm
after they had listened to an auditory prompt [20].
The present study aimed: (1) to provide evidence
on the lowest limit of SMS variability with language;
(2) to identify the most likely acoustic anchors for
SMS in verbal stimuli; (3) to compare SMS to NSC,
in order to guide methodological decisions on the
choice of an appropriate movement paradigm in
future research.
2. METHOD
2.1. Stimuli

The overall experiment included different types of
stimuli, though this paper focuses on the comparison
between (1) pure tones and (2) simple syllables.
The set of pure-tone stimuli contained high (H,
260 Hz) and low (L, 130 Hz) tones, created in Praat.
The verbal set contained monosyllables [bi] and [bu]

(reminiscent of real English words bee and boo),
produced by a native male speaker of Greek with fully
voiced stop closures. The pitch was normalised to 130
Hz with a slight declination slope. Both syllables and
tones were 250 ms in duration, each followed by a 50ms silence. They were then combined into sequences
with three inter-onset intervals (IOI) between targets:
300, 600 and 1200 ms (see Table 1). The created 12
stimuli in three different tempi of target occurrence:
fast (300 ms IOI), intermediate (600 ms IOI) and slow
(1200 ms IOI). These stimuli were repeated 20 times
in SMS tasks and 10 times in NSC tasks.
Table 1: Outline of the material design.

Stimulus Target
Tonal
Verbal

L
H
bi
bu

300
L
H
bi
bu

IOI (ms)
600
1200
LH
LHHH
HL
HLLL
bi bu
bi bu bu bu
bu bi
bu bi bi bi

2.2. Participants

Twenty-nine native English-speaking participants (8
male, mean age: 23 years) took part in this research.
They self-reported no known history of speech,
writing or hearing problems, and no motor disorders.
2.3. Tasks and procedure

Prior to the SMS experiment, participants were asked
to fill in an online questionnaire that ran the relevant
health checks (see 2.2) and collected some
demographic information.
Participants were then asked to perform a
selection of tests from the Battery for the Assessment
of Auditory Sensorimotor Timing Abilities
(BAASTA) [5]. The tests included (1) tapping to a
metronome at 450 and 600 ms IOI, and (2) self-paced
tapping at the individually most comfortable speed
and at the fastest possible speed.
During the main phase of the experiment, all
stimuli were tested with two tasks: synchronisation
(SMS) and continuation (NSC). When synchronising,
participants were presented with 20 repetitions of
each stimulus and asked to tap the index finger of
their dominant hand in time with the prompted target
[2] (see Table 1). When continuing a rhythmic
pattern, participants were requested to listen silently
to 10 repetitions of the stimulus first and then tap its
rhythm once the auditory playback had stopped. The
task order was counterbalanced using the Latinsquare design. All stimuli were presented in a random
order.
The data were collected on a Roland HandSonic
drum pad and a Dell Latitude 7390 laptop. The
overall duration of the experiment varied across
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individual session but overall, it was no longer than
45 minutes.
2.4. Analyses

A set of measures was calculated to describe the
degree of synchrony between produced taps and
acoustic targets [2, 17]. Acoustic targets under
scrutiny here were the local maximum amplitude and
the stimulus onset in case of pure tones, or the
maximum amplitude, the syllable and vowel onset in
case of verbal stimuli.1
We ran mixed-model statistics due to an
imbalanced dataset (participant was the only random
intercept). The following measures of SMS
performance were tested as dependent variables:
 Absolute asynchronies (AA, see 3.1): the
models were fit for the tonal and the verbal
stimuli separately. For pure tones, predictors
included acoustic target (onset vs. maximum
amplitude), prompted target (H vs. L), IOI (300,
600, 1200 ms) and individual AA performance
with the metronomes (mean AA at 450 and 600
ms). For verbal stimuli, the fixed effect structure
was similar, with the notable differences of
acoustic target (which had 3 levels – syllable
onset,2 vowel onset, timestamp of the maximum
amplitude) and prompted target (which had the
two levels [bi] and [bu]). We only tested for one
interaction – acoustic and prompted target – to
check if synchronisation anchors may change for
different prompts.
 Signed asynchronies (SA, see 3.2): as above, the
tonal and the spoken stimuli were treated in two
separate models due to their differences in the
plausibly assumed acoustic targets of
synchronisation. But in contrast to AA models,
participant’s SA with the metronomes was used
as the measure of individual SMS performance.
 SMS consistency (see 3.3): the dependent
variable here was the standard error of
asynchrony (SE). An effect structure similar to
the above (AA/SA) was adopted, though the
measure of individual SMS ability was
participant’s SE with the metronomes.
NSC was evaluated by measuring the variability of
inter-tap intervals (ITI) and comparing it to SMS. For
this, we calculated the coefficient of variation CV of
the ITIs, following the formula in (1) (see 3.4), and fit
a model with the fixed predictors stimulus type (tonal
vs. verbal), task (SMS vs. NSC), IOI (300, 600, 1200
ms) and the individual variability of spontaneous
tapping in self-paced and fast conditions. In this
model, we tested for all possible 2-way interactions.
𝑆𝐷(𝐼𝑇𝐼)

(1) 𝐶𝑉(𝐼𝑇𝐼) = (𝑚𝑒𝑎𝑛(𝐼𝑇𝐼)) × 100

3. RESULTS
3.1. Absolute asynchronies

AA shows the synchronisation accuracy (in % of the
target IOI) for an acoustic target and a produced tap.
Larger AA indicates lower SMS accuracy.
3.1.1. Tonal stimuli
The best-fit model for AA with tones showed an
effect of IOI (F(2)=61.8, p<0.001), acoustic target
(F(1)=163.4, p<0.001) and prompted target
(F(1)=25.3, p<0.001). Accordingly, AA was larger
for 300 than 600 ms IOI (14.0% vs. 9.3%, t=3.8,
p<0.001) and again larger for 600 than 1200 ms (9.3%
vs. 0.5%, t=7.2, p<0.001). The model further
identified that the intensity maximum was a poor
synchronisation anchor in these stimuli: the accuracy
improved by approximately 12.6% when measured
with respect to an acoustic stimulus onset in
comparison to a local amplitude maximum (t=12.8,
p<0.001). Participants’ synchrony with the stimulus
onset was slightly better in L than in H tone sequences
(4.4% vs. 9.3%, t=5.0, p<0.001).
Moreover, participants who tapped with larger
asynchronies to a fast-paced metronome (450 ms
IOI), also had larger AA values with the tonal stimuli
(F(1)=17.9, p<0.001). In contrast, their performance
with the slow-paced metronome (600 ms IOI) did not
matter for this task.
3.1.2. Verbal stimuli
The best-fit model for AA with speech showed a main
effect of IOI (F(2)=73.0, p<0.001) and an interaction
of acoustic and prompted target (F(2)=9.7, p<0.001).
In keeping with the results for the tonal stimuli, AA
was larger for 300 than 600 ms IOI (8.8% vs. 6.1%,
t=4.8, p<0.001) and again larger for 600 than 1200 s
(6.1% vs. 2.0%, t=7.2, p<0.001). The interaction
essentially demonstrated that the location of the
intensity maximum served as a poor tap attractor for
[bu] but not [bi] (9.5% vs. 5.7%, t=4.8, p<0.001). For
[bi], the syllable onset was a slightly better acoustic
target than the vowel onset (3.9% vs. 6.1%). A similar
trend was found for [bu], but the effect did not reach
the set significance level (5.4% vs. 3.9%, t=1.8,
p=0.065). Once again, participants’ tapping
performance with a fast-paced metronome was
indicative of their performance with the verbal stimuli
(F(1)=18.1, p<0.001).

the synchronisation target and ran two models,
looking for a converging performance between SMS
to pure tones and SMS to spoken stimuli (with either
the syllable or the vowel onset as the acoustic target
of synchronisation in that latter case). The difference
between AA of tonal and verbal stimuli was only
significant for syllable (F(1)=4.8, p<0.05) but not
vowel onsets.
3.2. Signed asynchronies

SA shows if a tap preceded or followed an acoustic
target of synchronisation. A negative value (in % of
the target IOI) indicates that the tap anticipated the
synchronisation target.
3.2.1. Tonal stimuli
The best-fit model for SA with tones included IOI
(F(2)=61.8, p<0.001) and acoustic target
(F(1)=163.4, p<0.001) as the only significant effects.
Accordingly, taps tended to precede acoustic targets
at the shortest IOI of 300 ms (-7.1%) but followed the
target at longer IOIs of 600 or 1200 ms (3-5%, t>5.8,
p<0.001). If the acoustic target was defined by an
intensity maximum, taps showed a relatively large
negative asynchrony (-15.3%, t=11.0, p<0.001).
3.2.2. Verbal stimuli
The best-fit model for SA with verbal stimuli
included IOI (F(2)=23.8, p<0.001) and an interaction
of acoustic and prompted target (F(2)=3.6, p<0.05).
In contrast to SMS with tones, SMS with speech
differed significantly at each IOI. Measured at the
vowel onset, the delay was -4.3% at 300 ms vs. 5.6%
at 600 ms (t=6.9, p<0.001) vs. -1.7% at 1200 ms
(t=3.9, p<0.001).
Once again, we found differences between SMS
with [bi] vs. [bu] that only arose for the intensity
maximum as the potential synchronisation target,
with [bu] having a negative SA of -16.1% and [bi] a
negative SA of -2.0%, t=3.3, p<0.001).
3.2.3. Tonal and verbal stimuli compared
Again, we compared synchronisation with tonal and
spoken stimuli in a single model (see 3.1.3).
Accordingly, tonal and verbal stimuli differed
significantly if the syllable onset was considered the
target (F(1)=11.1, p<0.001) but not if the vowel onset
was the synchronisation anchor.

3.1.3. Tonal and verbal stimuli compared

3.3. SMS consistency

To compare SMS of tonal and spoken stimuli in a
single model, we removed the intensity maximum as

SE (again in % of IOI) captures the SMS consistency
by examining the standard error of asynchronies.
Larger values indicate poorer SMS.
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3.3.1. Tonal stimuli
The best-fit model for SE with tones included IOI
(F(2)=13.8, p<0.001) and acoustic target (F(1)=5.3,
p<0.05). Tapping variability was higher at slower
tempi (300/600 ms vs. 1200 ms, t>4.4, p<0.001). If
the intensity maximum was chosen as the SMS
anchor, SE decreased by 0.4% (t=2.3, p<0.05).
Finally, SE with both metronomes was predictive of
the participants’ SE with tones (450 ms IOI: F(1)=7.4,
p<0.05; 600 ms IOI: F(1)=5.5, p<0.05).
3.3.2. Verbal stimuli
The best-fit model for SE with verbal stimuli had IOI
(F(2)=98.3, p<0.001) and acoustic target (F(2)=3.6,
p<0.05). Accordingly, tap variability decreased at
longer IOIs (300/600 ms: 1.5/1.1%, t=5.7, p<0.001;
600/1200 ms: 1.1/0.5%, t=8.1, p<0.001). SMS with
the vowel onset increased SE, as compared to the
syllable onset or the intensity maximum (with
identical results for both comparisons, 1.3% vs. 1.1%,
t=2.3, p<0.05). Participants who tapped more
variably to a slow-paced metronome (600 ms IOI),
also had higher SE when tapping with verbal stimuli
(F(1)=8.6, p<0.01).
3.1.3. Tonal and verbal stimuli compared
When SE of tonal and verbal stimuli were compared
in a single model (similar to 3.1.3 and 3.2.3), no
significant differences in variability were unveiled.
3.4. ITI consistency

The final measure captures the tapping consistency in
SMS vs. NSC by examining the degree of variability
across all inter-tap intervals (ITI). The higher the CV
value, the less consistent the SMS/NSC performance.
The best-fit model produced an effect of stimulus
type (F(1)=8.2, p<0.01) and an interaction of IOI and
task (F(2)=93.3, p<0.001). Movement to tonal stimuli
was slightly more variable than movement to spoken
stimuli (4.3% vs. 4.0%, t=2.9, p<0.01). Figure 1
displays the interaction of IOI and task. At the
shortest IOI, NSC showed slightly less variability
than SMS (0.8%, t=3.8, p<0.001). However, SMS
became increasingly less variable at larger IOIs while
the opposite was true for NSC. The effect was smaller
at 600 ms IOI (1%, t=4.6, p<0.001) and relatively
large at 1200 ms IOI (3%, t=15.3, p<0.001).
4. DISCUSSION
The study demonstrated that SMS accuracy and
variability with verbal prompts can be comparable to
the performance obtained with tonal stimuli. Using a
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distractor paradigm for SMS [18], previous research
has similarly shown that the discrepancy between
music and speech in their ability to disturb SMS
disappeared when they shared the same meter [4].
Unexpectedly, spoken stimuli could even help to
slightly reduce the ITI variability in comparison to
tonal stimuli. The effect might be due to a richer
harmonic structure of speech as compared to pure
tones, given that spectral discontinuities [21] and rise
time of the amplitude envelope [10] are likely to be
of critical importance for the perceptual extraction of
a rhythmic event.
Furthermore, the results showed that the most
likely acoustic anchors for SMS with verbal stimuli
were the vowel (and not the syllable) onsets. In
contrast, local intensity maxima served as poor SMS
anchors in all stimuli, and they are also known to be
poor predictors of the p-centre location [12]. Given
voicing during the bilabial closure in our verbal
stimuli, a tone onset and a syllable onset of speech
were acoustically very similar. However, the vowel
onset displayed the moment of the largest spectral
discontinuity and was more comparable to the tone
onset in terms of its ability to carry pitch.
Finally, our comparison of tapping consistency
between SMS and NSC revealed that SMS was
superior to NSC at slower tempi. SMS performance
benefitted from the well-established subdivision
effect [16] which NSC lacked. If, as we assume, the
investigated IOIs may correspond to a syllable rate
(300 ms), an inter-stress interval (600 ms) and a
phrase-level interval (1200 ms) in real speech, NSC
is likely to result in misleading conclusion about the
most relevant, higher levels of rhythmic organisation.
The present study contributed to the understanding
of beat perception in language using SMS-based
paradigms. Our findings suggest that beat perception
relies on a domain-general mechanism that can be
engaged by verbal and tonal stimuli alike. These
results support the idea that processing and encoding
of linguistic prosody relies on general aspects of the
perceptual and motor system [14].
Figure 1: Tapping consistency (means and standard
errors of ITI) comparing SMS and NSC. The three
IOIs are indicated in different shades of blue.
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The total duration of [b] was approximately 35 ms in both
verbal prompts, i.e. syllable and vowel onsets differed only
minimally.
2

Syllable onset was measured from the onset of voicing in
[b].
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ABSTRACT
This paper reports acoustic characteristics of Polish
sibilants acquired in the process of language learning.
We tested the production of three phonemic sibilants
/s, ʂ, ɕ/ produced by 81 Polish children ages 35 to 106
months.
Our results based on an acoustic analysis
complemented by a perceptual categorization test by
adults reveal that the alveolo-palatal /ɕ/ is the first
sound which becomes separated from the other
sibilants in terms of F2 of the following vowel and
centre of gravity. The next sounds acquired are /s/ and
/ʂ/. In the perceptual test most errors were found for
the retroflex /ʂ/ confirming its late acquisition in
comparison to other sibilants.
The order of acquisition in Polish partly differs
from that of Putonghua (/ɕ/ > /ʂ/ > /s/) which is
explained by different frequency of the phonemes /ʂ/
and /s/ in both languages.
Keywords: sibilants, acoustics, Polish, acquisition.
1. INTRODUCTION
While some research has been conducted on
acquistion of simple sibilant contrasts, very little is
known about how children acquire complex sibilant
systems. Previous experimental research mainly
focused on English /s, ʃ/ ([3], [7], [8], [9], [13], [17],
[19], [24]) and Japanese /s, ɕ/ ([7], [8], [9]) with the
exception of the study by Li [7] and Li and Munson
[10] who examined production and perception of
Putonghua (Mandarin) three-way contrast /s, ʂ, ɕ/.
They could show that the order of sibilant acquisition
was /ɕ/ > /ʂ/ > /s/ while, as stated in [8], it was /s/ >
/ʃ/ in English and /ʃ/ > /s/ in Japanese.
Li [7] also showed that the acquisition of a
complex sibilant inventory varies considerably from
that of a simple one. English and Japanese children
significantly differed in the acoustic dimensions that
contrasted the fricative categories. While differences
in the first spectral moment (centre of gravity) were
decisive for the acquisition of the simple contrasts, it
was not only the first spectral moment but also the
second moment and the frequency of the second
formant at the following vowel onset which were of
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particular relevance for the acquisition of the complex
contrast.
However, it has remained unexplored whether
there are similarities in the acquisition of complex
contrasts among languages or whether the acquisition
process is language-specific.
To address this question we probed the production
of the complex three-way phonemic contrast /s, ʂ, ɕ/
by 81 Polish children as function of their age.
According to our knowledge this is the first acoustic
study on Polish sibilant acquisition on a large scale.
2. EXPERIMENT
2.1. Experimental design and set up

The experiment consisted of three parts. In the first,
the children were asked to name pictures displayed on
a screen. The second and third parts of this
experiment were testing the perception of sibilants.
The present paper focuses on the production results
obtained in the first part of the experiment. In this
part, preceded by a short training section, children
were shown pictures and they were asked to name the
object. Three of the objects contained the sibilants /s,
ʂ, ɕ/ in the word-medial position which created a
triplet, i.e. /kasa/, “cash point” and /kaɕa/ “Katie,
women’s nickname” and /kaʂa/ “groats”. Other words
included the same sibilants in the word-initial
position: /sanki/ “sleigh”, /ɕatka/ “net”, /ʂafa/
“wordrobe”. Finally, there were three distractors:
/rɨba/ “fish”, /swɔnkɔ/ “sun”, and /ʐaba/ “frog”.
The pictures were shown three times, in a
randomized order for each participant. Thus, we
obtained 27 word recordings for each child (9 words
x 3 repetitions).
All words were bisyllabic and accented on the first
syllable. They were also of similar frequency and the
children did not encounter difficulties in naming the
pictures.
It is worth mentioning that for the purpose of this
(and following) experiments we built an Ubuntu Mate
based tool which we called Linguistino with the help
of which we are able to use our own design, record
children’ voices and adjust the answer box (colours
and placements of the buttons) in the perceptual part
of our experiment.

2.2. Informants

2.4. Statistics

The recordings were made with 81 preschool and
school-aged children (39 female), all monolingual
native speakers of Standard Polish living in Szczecin
(Northern Poland). Their ages varied from 35 to 106
months.
The parents of the participants signed a consent
after being informed about the experiment in detail.
As a compensation for their effort each child could
choose a souvenir.

All statistical analyses were conducted in the R
Studio software (version 1.1.453, [20]).
A multinomial analysis testing the influence of the
following parameters on the variable SOUND with
three sublevels [/s/, /ʂ/, /ɕ/] was conducted by
including the following parameters: (a) F1, F2 and F3
at the end of the preceding vowel, (b) F1, F2 and F3
at the beginning of the following vowel, (c) duration
of the sibilant, preceding and following vowel, (d)
frequency of the highest peak, cog, standard
deviation, skewness, kurtosis, (e) speaker’s sex
[male, female], and (f) age. We also included
interactions of age with parameters (a)-(e). Prior to
the analysis all predictors were centered to reduce
multicollinearity.

1511

3. RESULTS
First of all, we observe a huge inter-speaker variation
with respect to all sibilants. Figures 1, 2 and 3 present
multitaper spectra of /s/, /ɕ/ and /ʂ/ from all
informants excerpted at the midpoint of frication. The
spectra for individual productions are shown by green
lines and the overlaid mean spectrum is represented
by the black line.
Figure 1: Spectra obtained for /s/ productions
all spectra and mean spectrum for production data
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Figure 2: Spectra obtained for /ɕ/ productions
all spectra and mean spectrum for production data
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Our acoustic analysis exclusively concentrates on the
sibilants appearing in the word-medial position in the
triplet: /kasa/, “cash point”, /kaɕa/ “Katie” and /kaʂa/
“groats”.
We computed acoustic multitaper spectra with a
512 point Hamming window at the acoustic midpoint
of each sibilant (see [26] for the advantages of
multitaper over other analysis methods). The
midpoint was defined as the acoustic landmark
between the onset and offset of the (voiceless) sibilant
frication noise. The power spectral density (PSD) was
estimated via the Thomson multitaper method (linear
combination with unity weights of individual spectral
estimates and the default Fast Fourier Transform
(FFT) length) available in the MathWorks Signal
Processing Toolbox Version 6.2 [14]. The highest
spectral peak frequency was computed for the full
frequency range from 0 Hz to 22050 Hz.
Furthermore, for the full frequency range we
computed the four spectral parameters based on the
formulae given in Praat version 5.2 ([1]): centre of
gravity (COG), standard deviation of the spectrum,
skewness, and kurtosis of the spectrum.
Next, formant frequencies F1, F2, F3 were
measured at the end of the preceding and at the
beginning of the following vowel using PRAAT’s
automatic formant extraction algorithm („To
Formant... burg“) with standard parameter settings
(max. formants: 5500Hz; max. number of formants:
5; window length: 25 ms, Pre-emphasis from 50Hz),
i.e. the first three extracted spectral maxima of the
described Praat algorithm were considered to be the
formants F1-F3. The data were not manually checked.
For each CVCV item, we calculated the acoustic
durations of the sibilant and the previous and
following vowels.
The sounds were also perceptually categorized by
two native speakers of Polish. They listened to words
produced by children and judged whether they heard
/s/, /ʂ/ and /ɕ/ or another sound. If they heard the
sound intended by the child the answer was classified
as correct; otherwise as incorrect.
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Figure 3: Spectra obtained for /ʂ/ productions
all spectra and mean spectrum for production data
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3.1. Acoustic analysis

In order to examine how the sibilants develop over
time we divided the results according to three age
groups, as presented in Table 1:
Table 1: Children groups

Group 1
Group 2
Group 3

Age
(months)
35-50
51-70
71-106

Finally, as illustrated in Figure 6, sibilants produced
by the eldest children are well separated. A few
sibilant productions still overlap, but it should
considered that only two acoustic parameters, i.e.
COG and F2 frequency, have been taken into account
so far (see section 3.2 for other parameters).
Figure 6: COG and F2 frequency of the sibilants for
the third group

Number of Number of
children
observations
27
239
37
338
16
144

We first provide results on measures which, based on
previous literature ([18], [25]), appear to be most
decisive in the classification of sibilants: F2 measured
at the beginning of the following vowel and centre of
gravity (COG) of the spectrum.
Figure 4 presents results for the youngest group of
children. It appears that the sibilants are almost
randomly spread. It also seems, however, that the
alveolopalatal [ɕ] is least spread and as such may have
started to separate from other sounds.
Figure 4: COG and F2 frequency of the sibilants for
the first group (/s/=circle, /ɕ/=triangle, /ʂ/=square)

s
ɕ
ʂ

If we consider F2 independently of COG it turns out
that this formant separates the alveolo-palatal right at
the beginning of acquisition process; see Figure 7.
Figure 7: F2 of the vowel following /s, ʂ, ɕ/ as
a function of age.
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In the second group, where children have already
finished the fourth year of life, it turns out that the
alveolo-palatal is indeed the least spread sound and
its separation from other sounds continues. This is
presented in Figure 5.
Figure 5: COG and F2 frequency of the sibilants for
the second group

By contrast, COG results for individual sibilants
show that this spectral parameter does not contribute
to the differentiation of the sounds at the very
beginning because the parameter overlaps for all
sibilants. However, it starts to contribute to the
separation of /s/ shortly before 50 months. This also
suggests that /s/ is acquired before /ʂ/; see Figure 8.
Figure 8: COG of /s, ʂ, ɕ/ spectra as a function
of age.
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s
ɕ
ʂ
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3.2. Multinomial analysis

Table 2 presents the results of a multinomial analysis
revealing a significant interaction of a given
parameter with age with respect to sound pairs.

4. DISCUSSION AND CONCLUSIONS

Table 2: Results of a multinomial analysis
coeff.

z value p value

-0.345
-0.257
0.493
0.523
0.399
0.430

-2.28
-1.99
3.17
2.01
2.53
2.33

p<.05
p<.05
p<.01
p<.05
p<.05
p<.05

0.362
-1.793
0.896
0.840
0.672

2.30
-7.42
4.29
3.77
2.84

p<.05
p<.001
p<.01
p<.001
p<.01

0.57
-1.55
0.56
0.42

3.93
-6.85
2.81
1.97

p<.001
p<.001
p<.01
p<.05

a) /s/ vs. /ʂ/:
F2 of V1*Age
F1 of V2*Age
F3 of V2*Age
COG*Age
STD*Age
kurtosis*Age
b) /s/ vs. /ɕ/:
F1 of V2*Age
F2 of V2*Age
F3 of V2*Age
STD*Age
Kurtosis*Age
c) /ʂ/ vs. /ɕ/:
F1 of V2*Age
F2 of V2*Age
F3 of V2*Age
STD*Age

The analysis shows that several parameters play a
significant role in the process of sibilant acquisition
in Polish. In particular, it turns out that not only F2
but also F1 and F3 at the following vowel onset
differentiate the alveolo-palatal /ɕ/ from /s/ and /ɕ/ in
acquisition. For the /ʂ/ vs. /s/ contrast, F2 of the
following vowel turns out to be not significant, but
instead spectral properties such as COG, STD and
kurtosis (as well as other formants) reflect acquisition
of the contrast.
3.3. Perceptual analysis

Table 3 presents the results of the perceptual test. The
inter-rater agreement calculated as Cohen’s kappa
was 0.71.
Table 3: Results of the perceptual test

correct
correct

/s/
/ʂ/
Annotator 1:
163
102
(67.6%) (42.5%)
3.1. Annotator 2:
185
123
(76.8%) (51.3%)

number of correct answers was assigned to /ɕ/
suggesting that it was the easiest sound. However, for
the second annotator the difference between /ɕ/ and
/s/ was minimal.

/ɕ/
204
(85%)
186
(77.5%)

The results show that the least correct answers were
given when the child intended to pronounce the
retroflex /ʂ/ suggesting that it is the most difficult
sound for children to produce correctly. The highest
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Our results reveal huge inter-speaker variation in the
acquisition of all sibilants which is in line with studies
on sibilant acquisition in other languages ([7], [9]).
However, based on our acoustic data
complemented by perceptual results, we were able to
detect a clear acquisition pattern: /ɕ/ > /s/ > /ʂ/. This
order is in line with previous studies, based either on
impressionistic perception or a small number of
children, see also [5], [12] and [11] for an overview
of different studies.
Comparing the order of acquisition of Polish
sibilants to that of Mandarin it turns our that /ɕ/ is the
first acquired sibilant in both languages. However, the
second sibilant in Mandarin is the retroflex /ʂ/ and the
latest sibilant is /s/.
Following [10] and [7] we hypothesize that the
early acquisition of the alveolo-palatal is due to motor
control mechanisms: /ɕ/ is produced with the tongue
dorsum and control over this articulator should
precede that for fine movements of the apex or tongue
blade.
Regarding the different acquisition order of the
other sibilants, we put forward a hypothesis that it
reflects the frequency of occurrence of the sibilants in
those languages. As shown by [10], the frequency
order of all sibilants in Putonghua is /ʂ/ > /ɕ/ > /s/),
i.e. /ʂ/ occurs more frequently than /s/ does. On the
contrary, in Polish, the frequency order of all sibilants
is /s/ > / ɕ/ > /ʂ/, i.e. /s/ occurs more often than /ʂ/; see
[6]. In addition, although quantitative studies are still
missing, it has been reported that /ɕ/ is commonly
used in motherese in Polish [4].
Finally, the early acquisition of /ɕ/ can be
explained by the fact that transitions of vowels play a
crucial role in the production (and perception) of
fricatives because younger children relay more on
dynamic than static information in the process of
phonemic categorization ([15], [16]). This might also
explain why the process of separation of /s/ and /ʂ/
takes place later: the transitions are not as salient as
in the case of /ɕ/, see also [2], [21], [22], [23]. Further
perceptual studies are needed to validate this
hypothesis.
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ABSTRACT
This study investigates the acquisition of three-way
stop contrast (lenis, aspirated, fortis) in Korean and
phonetic modulation of the phonological contrast
driven by information structure. VOT and F0 of the
stops produced by children (4-5, 7-8, 10-11 year-olds)
and adults in broad, narrow, and contrastive focus
conditions were measured. Results indicated that only
the 7-8 year-olds showed the three-way distinction
using VOT under (phonemic) contrastive focus, while
the other two children groups and adults did not. As
for F0, adults made a three-way distinction using F0
in all focus conditions, while the 7-8 and the 10-11
year-olds did so only under limited focus conditions.
The 4-5 year-olds did not show the three-way
distinction in any focus condition. The results suggest
that children build up their phonological awareness
and fine-tune phonetic realization in their
developmental pathway in conjunction with different
functions of information structure.
Keywords: Korean three-way stops, L1 acquisition,
phonetics-prosody interface, information structure
1. INTRODUCTION
In spoken language, the information structure of
utterances is phonetically manifested in various
dimensions [3]. Focus information, for example, is
well-known to be phonetically realized at the
suprasegmental level. The focused elements tend to
be produced with an expanded pitch range and longer
duration [e.g., 4,8], although the details of phonetic
focus realization differ across languages, depending
on the prosodic system of a given language [e.g., 11,
20]. Focus is also known to be phonetically encoded
at the segmental level. In general, the focused
elements are ‘strengthened’, such that, for example,
voiceless aspirated stops are produced with longer
VOT and vowels are produced more peripherally [6].
Such fine-phonetic modulation triggered by the
presence of focus in the information structure also
differs across languages, as the segmental
strengthening contributes to the enhancement of
phonological contrasts in a given language [9,10].
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These findings suggest that the phonetic
manifestation of information structure must be
acquired in a language-specific way, interacting with
the prosodic and the phonological system of a
language. Recent studies have indeed demonstrated
that, at the suprasegmental level, children’s use of
pitch and duration cues in focus-marking differs
depending on the prosodic characteristics of their
native language [2,17,18,19]. However, our
knowledge is limited as to how children acquire
focus-induced phonetic modulation for languagespecific phonological contrast. This question is of
importance as it would also allow us to observe how
children build up their native phonological contrast
via the phonetic fine-tuning of segments in
conjunction with focus, given that focus would yield
phonological contrast maximization.
In an attempt to explore this issue, the present
study examines how children acquire phonetic
modulation of Korean three-way stop contrast (lenis,
aspirated, fortis) in different focus contexts. The
Korean stops are of interest due to their unique
contrast – i.e., they are all voiceless in the word-initial
position. While they are distinguished in several
phonetic dimensions, VOT and F0 have been
considered as major acoustic cues for the distinction
[e.g., 1,5]. The fortis stop is produced with short lag
VOT, and the other two with long lag VOT; and the
lenis stop is produced with lower F0 compared to the
other two stops. Another interesting fact about
Korean stops is that they are currently undergoing a
diachronic sound change. The VOT distinction
between the lenis and aspirated stops, with shorter
VOT for the former [see 5], was once robust but is
now being blurred in the word-initial position; and the
F0 of the following vowel plays a more important role
in distinguishing the two stops, with a higher F0 for
the aspirated than the lenis stops [1,12,16].
Recently, Choi at al. [7] found that Korean
speakers in their 20’s raise F0 more for the prosodic
phrase-initial (therefore word-initial) aspirated than
the lenis stop when the word is focused than when not,
but no such focus-induced effect was found for VOT
in the same position. Given that the presence of focus
enhances phonological contrasts [9,10], results in [7]
indicates that the F0 is now being employed as a

major cue to the aspirated-lenis contrast at least in the
phrase-initial position. ([7], however, showed that
VOT plays a role in distinguishing the two stops in
the unfocused, phrase-medial (but still word-initial)
condition where the lenis stop is produced as voiced.)
Studies showed that Korean children can produce
the three-way phonological contrast by the age of 4
[13,14]. A recent phonetic study, however, have
shown that 2 to 5-year-old children exhibit overlap
between the fortis and aspirated stops in the F0
dimension and overlap between the lenis and
aspirated stops in terms of VOT when the stops were
in the initial position of words produced in isolation
[15]. It can be therefore hypothesized that the fine
phonetic manipulation of VOT and F0 may occur in
different focus contexts during the course of the
acquisition of the stops. If so, the stop contrasts will
be maximized under focus and as a result, there will
be no or less overlap among the consonants in their
phonetic dimension. In addition, if children are
sensitive to the ongoing sound change in their
environmental language, they may show similar
pattern as that of young adults found in Choi et al. [7],
manipulating F0 more under focus for the
phonological contrasts in the phrase-initial position.
It is, however, still an open question which of the two
phonetic dimensions would be more responsive to the
demand from the information structure during the
course of acquisition and how the diachronic sound
change is reflected in children’s stop production.
2. DATA ACQUISITION
2.1. Participants

Twelve adults (6F, 6M), eight 10 to 11- year-olds (4F,
4M), eight 7 to 8-year-olds (6F, 2M) and six 4 to 5year-olds (2F, 4M) participated in the study. All of
them were native speakers of Seoul Korean.
2.2. Speech Materials

The data used in this study is a subset of the data used
in [17], with 12 target words and 5 focus types in
various sentential locations, yielding 60 sentences per
speaker. For the current purpose, only three
monosyllabic and three multisyllabic target words
with a lenis, aspirated, and fortis onset (/pal/ ‘foot’,
/phal/ ‘arm’, /p*aŋ/ ‘bread’; /kapaŋ/ ‘bag’, /katɨ/
‘card’, /k*amakwi/ ‘crow’) inserted as an object in
target SOV sentences were used in three focus
conditions (see below), which yielded 18 sentences
per speaker. It should thus be noted that the results of
the present study must be taken with caution due to
the limited data.
Target sentences were elicited within a series of
short dialogues in a picture-matching game, with a
question or a statement produced by an experimenter
and an answer or a contrasting statement produced by
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a speaker (see [17] for details). The experimenter had
pictures with missing information, and the participant
had corresponding pictures with full information of
‘who is doing what’. Target words were produced as
an answer to a broad-focus question (1), a narrowfocus question on the object (2), and a contrastivefocus question on the object (3). Note that the three
sentences were exactly the same, except for their
domain of intended focus, as indicated by the curly
brackets in the examples. As the domain of the
narrow and the contrastive focus was the target word,
it was expected that they would yield more phonetic
prominence on the target than the broad focus would
whose domain was the entire sentence. In addition, as
the contrastive focus was always induced by a
phonemic contrast within a word, its domain, in
principle, was smaller than that of the narrow focus.
(1) Broad-focus in SVO
Experimenter: Look! This picture is very
blurry. I cannot see anything clearly. What
happens in the picture?
Participant: /kɛ-ka p*aŋ-ul mantʃʌ-jo/
dog-nom. bread-acc. touch-final
[Dog bread touch]
(2) Narrow-focus on the object in SVO
Experimenter: Look! There’s a dog, and it puts
out its hand. It looks like the dog touches
something. What does the dog touch?
Participant: Dog [bread] touch.
(3) Contrastive-focus on the object in SVO
Experimenter: Look! There’s a dog, and it puts
out its hand. It looks like the dog touches
something. I will make a guess. The dog
touches an egg.
Participant: Dog [bread] touch.
2.3. Procedures

Participants were tested individually in a quiet room
in Hanyang Phonetics and Psycholinguistics Lab.
In order to induce the proper focus context, the
target sentences were produced only once without
repetition. Tokens with incorrect responses (deviating
from the intended sentences in terms of the word
choice and the sentence structure), hesitation, and
self-repair were excluded for data analyses (19 from
adults, 31 from Age 10-11, 49 from Age 7-8, 34 from
Age 4-5). The remaining tokens were cross-checked
by six trained phoneticians in order to confirm the
location of prominence within each sentence and the
type of the prosodic boundary before the target object.
The tokens with incorrect focus marking (e.g., no
phonetic prominence on the target in a focus
condition) were also excluded from the analyses (2
from adults, 3 each from Age 10-11 and 7-8, 9 from
Age 4-5). Note that more than 90% of the target
objects were produced in a phrase-initial position in

all age groups. As focus-induced enhancement
patterns of VOT and F0 vary as a function of prosodic
position [7], the targets produced in phrase-medial
position was also excluded (12 from adults, 10 from
Age 10-11, and 4 each from Age 7-8 and 4-5). These
exclusion processes further contributed to the limited
quantity of data in the present study. In total, 419
tokens were included for data anlyases (176 from
adults, 97 from Age 10-11, 85 from Age 7-8, 61 from
Age 4-5).
As VOT and F0 are two important acoustic
parameters that contribute to distinguishing threeway stops in Korean, reflecting the on-going sound
change, we measured VOT (ms) of the stops and the
F0 of the following vowel at the midpoint of the
vowel using Praat. The F0 values were converted in
semitone for further analyses.

all age groups, except for the aspirated stops produced
by the 7 to 8-year-olds under narrow focus.
Table 1: The post-hoc comparisons for Consonant
Type effect on VOT (in ms) in each focus condition.
( ‘<’ refers to p<.05, and ‘=’ to p>.05)
Contrastive F.
Age
Broad F.
Narrow F.
4-5
F<L=A
F<L=A
F<L=A
7-8
F<L=A
F<L=A
F<L<A
10-11
F<L=A
F<L=A
F<L=A
Adults
F<L=A
F<L=A
F<L=A
Figure 1: VOT (ms) values for each consonant in
each age group. Error bars indicate the standard
error.

2.4. Statistical analysis

Since this study aims to explore how VOT and F0 are
phonetically manifested in different age groups and
different focus types, data analyses were done
separately for each age group and for each focus type.
VOT and F0 values were centered at zero by
subtracting each data point from the grand mean of
each parameter before they were submitted to linear
mixed effects models. The fixed factor was
Consonant Type (Lenis, Aspirated, Fortis), and the
speaker was a random factor. An orthogonal coding
was used for the fixed factor, and pairwise
comparisons were carried out for the consonants by
redefining references in the model. The nearly
maximal modelsi were fitted for VOT and F0 values.
3. RESULTS
3.1. VOT

As shown in Table 1 and Fig.1, the fortis stop was
clearly distinguished from the other two categories by
VOT in all age group and focus types. The lenisaspirated distinction was not significant regardless of
age groups and focus types, with the exception of the
7 to 8-year olds in the contrastive focus condition.
Note that the adults’ data found in the current study
show a different pattern from that found in [7], which
showed the adult’s use of VOT in the lenis-aspirated
distinction under contrastive focus. The difference
between the two studies is presumably due to
different experimental designs and the limited
number of tokens in the current study. Fig. 1 also
illustrates substantial variations in children’s VOT
production, which gradually reduces in the older
groups.
In general, as shown in Fig.1, for the lenis and the
aspirated stops, VOT increased under the contrastive
and narrow focus as compared to the broad focus in
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3.2. F0

The three-way stop distinction was more clearly
observed with F0 than with VOT. In general, the lenis
stop showed the lowest F0, the aspirated stop the
highest, and the fortis stop showed intermediate
values. As summarized in Table 2, the adults showed
the three-way contrast with F0 in all focus types. The
10 to 11-year-olds showed the three-way distinction
under narrow focus only and marginal distinction
between the fortis and the aspirated stops (p=.059) in
the contrastive focus condition. In the broad focus
condition, however, there was only a two-way
distinction between the lenis and the other two stops.
The 7 to 8-year-olds showed the three-way contrast in
the broad and narrow focus conditions. Only a twoway distinction between the lenis and the other stops
was made in the contrastive focus condition. Note that
the 4 to 5-year-olds did not show the F0-based stop
distinction at all in the broad focus condition. The
significant difference between the lenis and the other
two stops, however, emerged in the contrastive and
narrow focus conditions.
As shown in Fig.2, in the adults’ data, the F0
values increased in the contrastive focus condition
compared to the broad focus condition in all three
stop categories. The children’s data, however, did not
show such consistency.

Table 2: The post-hoc comparisons for Consonant
Type effect on F0 (in semitone) in each focus
condition. ( ‘<’ refers to p<.05, ‘≈’ to .05<p<.06 and
‘=’ to p>.06)
Contrastive F.
Age
Broad F.
Narrow F.
4-5
L=F=A
L<F=A
L<F=A
7-8
L<F=A
L<F<A
L<F<A
10-11
L<F=A
L<F≈A
L<F<A
Adults
L<F<A
L<F<A
L<F<A
Figure 2: F0 (semitone) values for each consonant
in each age group. Error bars indicate the standard
error.

4. DISCUSSION
A basic finding of the present study is that both adults
and children consistently showed a two-way
distinction of the fortis and the other two (the lenis
and the aspirated) stops in terms of VOT across focus
conditions. The only exception was found with the 7
to 8-year-olds who showed a three-way contrast using
VOT only in contrastive focus condition. This is in
line with the studies which have revealed the
declining role of VOT in the three-way stop
distinction of Seoul Korean [e.g., 1,12,16]. The threeway contrast, however, was clearly observed with F0
with the adults in all focus conditions, confirming the
emerging role of F0 in the three-way stop distinction.
Despite the fact that the studies on phonological
acquisition suggest the three-way distinction is found
before the age 4 [13], our results show that the F0based consonantal contrast of the older children in the
present study has not reached the adult-like level.
More importantly, the present study has observed
how Korean children develop fine-phonetic
modulation for the three stops under focus. Among
the two acoustic measures, the focus-induced contrast
enhancement as for VOT was observed only by the 7
to 8-year-olds who showed the lenis-aspirated
distinction under contrastive focus. As for the F0
dimension, however, children showed the focusinduced contrast enhancement in their developmental
path. The youngest children showed a two-way
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distinction between lenis and the other stops under
contrastive and narrow focus conditions, although no
such distinction was observed in the broad focus
condition. In a way, the results are similar to Kong et
al’s [15] findings which showed that children
between 2 to 5-year-olds show overlap between the
fortis and aspirated stops in terms of F0. In their study,
the words were elicited in isolation in a word
repetition task. This means that their words were
produced in a prosodically strong position, i.e., the
utterance-initial position. The results of the present
study and of Kong et al. [15] therefore seem to
suggest that the Korean children under the age of five
are able to show a two-way distinction between the
lenis and the other stops in terms of F0, but only in
the prosodically strong positions created by focus and
prosodic boundary. Interestingly, the F0-based threeway distinction started to emerge with the two older
children groups, approximating to the adult-like F0
use. The three-way contrast based on F0 was
particularly clear under narrow focus with the older
children, suggesting that the focus-induced phonetic
modulation is gradually acquired, leading to the
language-specific phonological contrast enhancement [9,10]
It is interesting to note that the distinction between
the fortis and aspirated stops in the F0 dimension may
be considered redundant, given that the two stops are
already clearly distinguished as they are in the two
extreme ends in terms of VOT. The three-way
distinction via F0 therefore verifies its critical role in
the phonological contrast among the three stops, and
the children’s data in the present study suggests that
children are in the course of acquiring this critical cue
and the presence of focus facilitates the manipulation
of this phonetic cue for the phonological contrast.
In conclusion, the current study revealed that
Korean children mainly learn to manipulate F0 in
order to distinguish the three-way stops, and that they
establish their native phonological contrast by finetuning the phonetic manifestation in conjunction with
the focus structure. Their developmental path for the
stop distinction also exhibits how the on-going sound
change in Korean is reflected and acquired in
children’s speech. However, as our data is very much
limited in quantity, future studies are required in order
to corroborate and generalize the findings.
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ABSTRACT
There is a potential close correspondence between
multi-level linguistic theories and bidirectional deep
artificial neural networks. This paper shows that in a
deep Boltzmann machine, simulated distributional
learning of spectral content leads to the emergence of
appropriate categorical behaviour, both along a onedimensional continuum (three sibilant places) and
along a two-dimensional continuum (five vowels).
Keywords: neural networks, deep learning,
emergence, distributional learning, categories.
1. BIDIRECTIONAL PARALLELLISM
Bidirectional multi-level models of phonology and
phonetics [11, 3] are models that contain multiple
levels of representation and in which processing
works bidirectionally, i.e. the same connections or
constraints are used for comprehension and
production [cf. 14 for the 1-level case]. Typically, the
evaluation of the best path from sound to meaning in
comprehension works in parallel across levels [11, 4].

auditory-driven distributional learning alone, i.e.
without any top-down supervision from a lexicon.
For simplicity, our network has three levels of
nodes. As for the network state during processing (in
our case only listening), the input nodes have
activities 𝑥" , where 𝑘 runs from 1 to 𝐾 = 30, the
middle level of nodes has activities 𝑦* , with 𝑙 running
from 1 to 𝐿 = 50, and the top level has activities 𝑧/ ,
with 𝑚 from 1 to 𝑀 = 20. As for the long-term
memory (the parameters) of this network, each node
𝑘 at the input level is connected to each node 𝑙 at the
middle level by a strength (weight) 𝑢"* , and the
middle level is fully connected to the top level by
weights 𝑣*/ ; also, the input nodes have biases 𝑎" , the
middle nodes 𝑏* , and the top nodes have biases 𝑐/ .
Figure 2: Our deep Boltzmann network (only 10
percent of the connections is visible).
Activities:
zm

vlm
yl

Figure 1: Bidirectional phonology and phonetics.

Parameters:
cm

Meaning

bl
ukl

xk

Underlying form
Phonological surface form
Phonetic representation (sound)

Models like the one in Fig. 1 have been shown to
work nicely for many kinds of phenomena that
involve existing phonological categories, but are not
good at all at informing us of where those categories
come from in the first place (for an attempt, see [2]).
2. NETWORK STRUCTURE
The present paper shows that the deep Boltzmann
machine [13, 12] in Figure 2 is capable of showing
how discrete phonological categories can emerge in a
simulated first-language learner as a result of
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The lowest level 𝑥" represents any auditory-phonetic
continuum. In this paper it reflects the basilar
membrane, with low frequencies at the left and high
frequencies at the right. In Fig. 2, 𝑥" is activated as
for a token of the vowel /o/, with an F1 around node
8 and an F2 around node 13.5 (i.e. between nodes 13
and 14). The higher levels contain hidden nodes that
are binary, i.e. their activity is either on or off (black
or white in Fig. 2); note that none of these levels is to
be equated (yet) with any of the levels in Fig. 1.
Just as the model in Fig. 1, the network in Fig. 2 is
bidirectional, in the sense that information can flow
down from 𝑧/ to 𝑥" using the exact same connection
weights as information flowing up from 𝑥" to 𝑧/ , and
the intermediate biases 𝑏* influence information
flowing up from 𝑥" to 𝑦* in the same way as they
influence information flowing down from 𝑧/ to 𝑦* .

3. TRAINING PROCEDURE

(9)

To train the network, we apply multiple sounds to its
input level, and let the network process each sound
freely without supervision, i.e., we do not tell the
network how many categories it should create or
whether it performs “correctly”. Each incoming
datum is handled in four consecutive phases: initial
settling, Hebbian learning, dreaming, and antiHebbian learning.
3.1. The initial settling phase. The activity spreads
up from the input level, which is “clamped” (held
constant) at the sound 𝑥" , and down from the highest
level, whose nodes 𝑧/ start out with activity 0. This
determines the middle-level activities 𝑦* : for all l
from 1 to L,
(1)

=
𝑦* ← 𝜎:𝑏* + ∑@
">? 𝑥" 𝑢"* + ∑/>? 𝑣*/ 𝑧/ A

where 𝜎( ) is a monotonic nonlinearity, here the
standard logistic function
(2)

𝜎(𝑥) ≔ 1⁄(1 + exp (−𝑥))

After this initial activation of the network, the
network is allowed to resonate into a near-final state
[12]. First, new top-level 𝑧/ are computed (𝑥" does
not change): for all m from 1 to M,
(3)

𝑧/ ← 𝜎:𝑐/ + ∑K*>? 𝑦* 𝑣*/ A

The sequence of (1) and (3) is then repeated 10 times,
taking the network close to an equilibrium state in a
deterministic way (mean-field approximation).
3.2. The Hebbian learning phase. After having thus
spread the influence of the input throughout the
network, we can perform the first learning step, which
we call the Hebbian phase: any connection between
two active nodes is strengthened, so that these nodes
will be even more often simultaneously active in the
future [9, 6], and any node that is active receives a
higher bias, so that this node will be even more often
active in the future:
(4)
(5)
(6)
(7)
(8)

𝑎" ← 𝑎" + 𝜂𝑥"
𝑏* ← 𝑏* + 𝜂𝑦*
𝑐/ ← 𝑐/ + 𝜂𝑧/
𝑢"* ← 𝑢"* + 𝜂𝑥" 𝑦*
𝑣*/ ← 𝑣*/ + 𝜂𝑦* 𝑧/

(note that there is no logistic function for 𝑥, which
should continue to resemble a continuous input).
We then compute new values for 𝑧/ stochastically
(i.e., with random variation), after which new values
for 𝑦* are computed, also stochastically:
(10) 𝑧/ ~ ℬ O𝜎:𝑐/ + ∑K*>? 𝑦* 𝑣*/ AP
=
(11) 𝑦* ~ ℬ O𝜎:𝑏* + ∑@
">? 𝑥" 𝑢"* + ∑/>? 𝑣*/ 𝑧/ AP

where ℬ( ) denotes a Bernoulli deviate, i.e. 𝑥 ~ ℬ(𝑝)
will put the number 1 into 𝑥 with probability 𝑝, and
put the number 0 into 𝑥 with probability 1 − 𝑝. The
sequence (9)–(11) is performed ten times (Gibbs
sampling). The stochasticity, together with starting
from real inputs, should ensure that, in the long run,
the activation patterns found in the network in this
phase sample the distribution of possible activation
patterns faithfully.
3.4. The anti-Hebbian learning phase. After the
network settles again, the parameters are again
updated in the second, anti-Hebbian phase [8 ,7, 12]:
(12)
(13)
(14)
(15)
(16)

3.3. The dreaming phase. In the next phase we have
the network dream up its own pattern [8]. From [12]
we take the idea that this is randomly generated, and
from [7] that this can be based on the actual input, but
without clamping. Thus, we now let the input level 𝑥"
be influenced by the middle level 𝑦* :
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𝑎" ← 𝑎" − 𝜂𝑥"
𝑏* ← 𝑏* − 𝜂𝑦*
𝑐/ ← 𝑐/ − 𝜂𝑧/
𝑢"* ← 𝑢"* − 𝜂𝑥" 𝑦*
𝑣*/ ← 𝑣*/ − 𝜂𝑦* 𝑧/
4. ONE-DIMENSIONAL CONTINUUM

The input continuum is the cortical representation of
a basilar excitation pattern, where node 1 is the lowest
basilar frequency and node 30 the highest.
We make the network listen to 100,000 pieces of
data from a language with three sibilant categories
whose population-average centre frequencies lie at
nodes 8, 16 and 23. To generate each datum, we
choose (unbeknownst to the learner) one of the three
categories with equal probability (1/3), then
determine a basilar centre frequency by sampling it
from a Gaussian distribution with mean 𝜇 = 8, 16 or
23 (depending on the category) and a standard
deviation of 𝜎 = 2.0:
(17)

where 𝜂 is a small learning rate (0.001).

𝑥" ← 𝑎" + ∑K*>? 𝑢"* 𝑦*

𝑓W ~ 𝒩(𝜇, 𝜎)

As a result, the total distribution of centre frequencies
is as given in Figure 3.
For our sampled 𝑓W , the network’s input activation
is then the basilar excitation pattern (for 𝑘 = 1. .30)
(18)

𝑥" = 5

^_`

]

\
a
𝑒 [] O b P

− 0.5

where 𝑤 = 1.5 is the half-width of the Gaussian peak
that the sound produces on the basilar membrane (this

is admittedly unrealistically sharp for sibilants). Then
follow phases 3.1 through 3.4, all for each incoming
piece of data.

Figure 5: Reflection after 300 pieces of data:
undertrained behaviour.
30
25

frequency of occurrence

Input node →

Figure 3: Distribution of centres of 1-peak inputs.

15
10
5
1

Figure 4: Applied input sweep.
30

Figure 6: Reflection after 3,000 pieces of data:
categorical behaviour.
30
25
Input node →

After having received, processed and learned from
300 pieces of data, we test (or measure) our network
for the first time. Measuring is performed by applying
the sweep in Figure 4. That is, we apply centre
frequencies from 3.0 to 28.0, in 251 steps spaced 0.1
nodes apart, to the input of the network.

15
10
1

Black = highest activity
White = lowest activity
Time →

20

Figure 7: Reflection after 30,000 pieces of data:
overtrained behaviour.
30

15
10

25

Black = highest activity
White = lowest activity
Time →

With each of the 251 centre frequencies we determine
the initial state of the network according to 3.1, and
then resonate with open input according to (9), (3)
and (1) ten times (no learning has to take place). The
resulting “reflected” 𝑥" are shown in Figure 5. The
network has arrived in a structure where on any input
sound, the network reflects the same activation
pattern, namely an activation pattern that mimics the
pooled distribution of Fig. 3, convolved with (18).
After training for 2700 more pieces of data, the
network is measured again by the sweep of Figure 4,
and the network echoes the activity in Figure 6. This
is categorical behaviour: although the network can
handle a continuous range of possible inputs, the
network, on any input, has to settle in one of only
three possible states, i.e., the organism containing this
network will be able to extract only three possible
different messages from the incoming sound. This is
what categorization is all about!
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Black = highest activity
White = lowest activity
Time →

1
5
10
15
20
25
30
basilar centre frequency (continuous node number)

Input node →

20
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15
10
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1

Black = highest activity
White = lowest activity
Time →

After training with 27,000 more pieces of data, the
network has become good at echoing the input sweep,
as we can see in Figure 7. The network’s behaviour is
no longer categorical.
The final situation is a network that returns its
input nearly perfectly. The crucial stage here,
however, is that of Figure 6: the change between input
and reflection (perceptual warping) can be regarded
as the perceptual magnet effect observed by Kuhl et
al. [10] for human infants, which is a phenomenon
widely held to be associated with phonological
category creation.

5. TWO-DIMENSIONAL CONTINUUM
The next more complex case is where each category
is defined by two peaks on the basilar membrane. In
a language with five vowels, we select one of the
vowels /a,e,i,o,u/ (again, the network does not know
which we chose, or that there are supposed to be five)
randomly with equal probability (1/5), then sample
an F1 and F2 value (in ERB) randomly from around
the mean F1 and F2 for that vowel (with 𝜎 =
0.9 ERB). The excitation pattern on the input, where
node numbers correspond to ERB values, becomes
(19)

]
\ ^_i\
P
b

𝑥" = 5 h𝑒 []O

]
\ ^_i]
P
b

+ 𝑒 [] O

j − 0.5

The overall distribution of F1 and F2 values that our
virtual learner is confronted with, is shown in Fig. 8.
Figure 8: Input distribution in a 5-vowel language.
The ellipses mark a relative height of 10%. Nodes
equal ERB values, e.g., node 16 represents 16 ERB.
4
6

F1 (ERB)

8
10
12
14
16
30 28 26 24 22 20 18 16 14 12 10 8
F2 (ERB)

After learning from 1,000 pieces of data, the network
is measured by applying 200 randomly chosen F1–F2
combinations from the language to the network.
Figure 9: Perceptual magnet effect for vowels.
Each arrow points from an input vowel token to its
reflection.
4
6

F1 (ERB)

8

centres of attraction. When training further, we find
that the arrows get shorter and shorter, until the
reflections become identical to the inputs.
6. DISCUSSION
The perceptual magnet effect [10] was modelled
before with unidirectional neural maps by [5] and
with bidirectional competitive neural networks by [1].
The present paper models it with a method borrowed
from the field of machine learning, namely
bidirectional deep (i.e. multi-level) restricted
Boltzmann machines [12]. Both bidirectional
implementations allow a connection to bidirectional
multi-level theories of phonology and phonetics, but
the present model does so in a computationally
efficient way, because the activity of a level can be
computed efficiently as there are no connections
within levels (this is what the term restricted means);
in this respect the model differs from the competitive
network implementation [1], which requires
inhibitory connections within levels. The latter model
was also deemed “brittle” [1], whereas the present
model may be more robust, in the sense that it works
similarly when there are only two levels (i.e. it is a
single restricted Boltzmann machine), or when there
are more than three levels, in which case the settling
scheme of repeating (1)–(3) or (9)–(11) must
generalize to simultaneous activation spreading from
all odd-numbered to all even-numbered levels,
followed by simultaneous activation spreading from
the even- to the odd-numbered levels, and this
repeated several times [12].
The states of categorical behaviour that we found
were only transient, with subsequent learning wiping
the categories out. Whether this is a disadvantage
remains to be seen: what for machine learning
purposes might be a disadvantage, does not have to
be so for purposes of cognitive modelling. One
wonders, for instance, whether the emergence of even
higher levels of representation, such as the lexicon,
will be able to maintain the network’s categoricality.
7. CONCLUSION

10
12
14
16
30 28 26 24 22 20 18 16 14 12 10 8
F2 (ERB)

Figure 9 shows how the network reflects these 200
vowel tokens. Just as in the one-dimensional case, the
network is seen to go through a stage of categorical
behaviour: the arrows tend to point at only five
1523

We hope that future computer simulations with this
type of networks can not only account for category
emergence but also for the phenomena handled by
earlier models with fixed categories such as [11, 3, 4].
If that succeeds, we will have taken crucial steps
toward providing a comprehensive theory of
language comprehension, production, acquisition and
change. We are looking forward to including multiple
segments in time and to seeing multiple phonological
features emerge both bottom-up from the phonetics
and top-down from alternations and the lexicon.
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ABSTRACT
Speech addressed to young children is typically
characterised by distinct acoustic properties. Here we
describe infant-directed speech (IDS) addressed to
unborn infants. Recordings of pregnant women
(speaking Czech) show that prenatal IDS differs from
adult-directed speech (ADS) in several vocalic
properties. Compared to ADS, prenatal IDS has
longer vowels (due to slower speaking rate) with
short-long contrasts being preserved. The F1–F2
vowel space is larger in prenatal IDS than in ADS; the
vowel-space expansion towards the periphery evokes
enhancement of phonemic contrasts. Although
overall pitch is not found to differ between styles, in
IDS, F0 serves as a supporting cue to short-long
contrasts. Voice quality is breathier in IDS than in
ADS indicating intimacy or affection. Our results
align well with previous findings for 'postnatal' IDS
across languages and demonstrate that a distinct
infant-directed speech style exists already before
birth.
Keywords: prenatal infant directed speech, early
speech development, input, Czech, vowels
1. INTRODUCTION
In most language communities adults address young
children in a distinct speech style. Infant-directed
speech (IDS) differs from adult-directed speech
(ADS) in several aspects; for instance, IDS has
grammatically simpler and shorter sentences, higher
pitch, exaggerated pitch range, slower speech rate and
longer pauses [7, 8, 11, 14, 15, 21]. Other, somewhat
less frequently studied and reported characteristics of
IDS relate to specific phonation qualities, particularly
higher breathiness [28].
As for the segmental cues associated with IDS, the
literature often focuses on vowel spectral properties.
Most studies find the average locations of peripheral
vowels such as /a/, /i/ or /u/ to be shifted along the F1
and/or F2 dimension [11]. Some find enlarged vowel
spaces in IDS as compared to ADS [6, 22], while
other studies do not show any vowel-space
exaggeration, and only report higher vowel formants
in general [3, 19], larger variation in the realizations
of IDS vowels [28], or even a shrinkage of the vowel
space in IDS as compared to ADS [3, 12].
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The varying outcomes across studies lead to
varying proposals as to the function of IDS.
Exaggerated F1 and/or F2 distances between vowels
have been taken to reflect contrast enhancement
facilitating speech-sound acquisition in the languagelearning child (cf. [26]). However, shrunk vowel
spaces or larger variation in IDS could hardly
facilitate speech sound acquisition; some have thus
argued that the primary function of IDS might be to
communicate positive affect and arouse attention [3,
28].
Consonantal properties in IDS, too, sometimes
indicate enlargement of contrast [3, 8] and sometimes
could simply reflect different realizations of speech
sounds (e.g., longer VOT of voiceless stops which
could be a by-product of a slower speaking rate [16,
27]). In languages that contrast phonologically short
and long speech sounds, IDS mostly causes
lengthening of all segments [11], although in some
cases, exaggeration of duration-based contrasts has
been reported ([32] for Swedish vowel length, [4] for
final consonant voicing in American English).
In sum, IDS exhibits different acoustic properties
than ADS, but these may vary across studies and/or
languages and may be attributable to various
articulatory origins or communicative goals, such as
to attract the child’s attention, express emotion and
facilitate language learning [9].
It is acknowledged that language learning and
language-specific perception begin to develop
already before birth [10, 17, 29]. Assuming that the
function of IDS is, at least partially, to help the
developing infant acquire her native language, it
would be beneficial if IDS occurred as soon as the
(unborn) infant starts to process the speech signal (i.e.
from about 25th–28th week of gestational age [18]). To
that end, Zhao et al. [33] explicitly suggested that
prenatal exposure to IDS, addressed to an older
sibling, may enhance perceptual learning already in
the womb. The question we ask here is whether IDS
is present before birth at all, and if yes, what potential
function its acoustic properties might have.
We examine the speech addressed to infants
before they are born (prenatal IDS), a phenomenon
that has not yet been investigated in developmental
literature. If distinctive prenatal IDS exists, it will
likely carry acoustic markers of positive affect, such
as exaggerated F0, or markers of intimacy, such as

softer voice (or breathiness), both of which have
previously been reported for IDS [21, 28]. Prenatal
IDS could further resemble postnatal IDS in that its
acoustic characteristics would support the linguistic
development of the unborn child. If any contrast
enhancement occurs in prenatal IDS, we expect it to
be present for vowel sounds because of their large
acoustic salience and supposed developmental
precedence over consonants [23]; therefore we focus
on vowels.
We assess prenatal IDS in pregnant women
speaking Czech as their native language. Considering
the widely reported features of ‘postnatal’ IDS, we
test the following. IDS typically displays higher F0
than ADS, which would naturally predict higher F0
in prenatal IDS as well. Note however that F0 in IDS
has been shown to vary with infants’ age, being lower
in speech to newborns than to older infants [21]; the
predicted effects on F0 in IDS before birth might thus
be rather small or perhaps even not detectable.
Enhancement in vowel spectral contrasts, namely the
first and the second formant, has been repeatedly –
though not always – reported across languages, thus
we test whether the vowel space is larger in prenatal
IDS than in ADS. Czech is a quantity language
contrasting phonologically short and long vowels.
Although enhancement of vowel length contrasts is
not typically found in IDS, the importance of
durational cues (relative to spectral cues) might differ
pre- and post-natally; we thus also test whether
prenatal IDS differs from ADS in vowel duration.
2. METHOD
2.1. Participants
Recordings were made of 17 female native speakers
of Czech (age range 25-41), who were 28+ weeks
pregnant (mean = week 33). They were raised in a
monolingual Czech environment, and spoke the
western (Bohemian) variety of Czech. During their
pregnancy, none of the speakers lived abroad and all
estimated their average daily production of Czech at
80 to 100%. All but one reported to talk to their
unborn child every day (average 20 mins, range 5–60
minutes). None had hearing or speech disorders.
2.2. Recording procedure
The participants were recorded during spontaneous
description of a set of pictures from a children’s book;
they were asked to describe any objects and activities
displayed. Pictures were carefully chosen so that their
content would elicit at least two instances of each of
the 10 Czech monophthongs /ɪ iː ɛ ɛː a aː o oː u uː/.
Recording took place in a sound-treated booth. The
series of 6 target pictures were displayed on a
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computer screen in front of the participant who
switched from one to the next picture at her own pace
(prior to recording, speakers practiced describing a
picture not contained in the recorded series).
Participants described the same set of 6 pictures
twice, once in IDS and once in ADS; with order
counterbalanced across subjects (unusually talkative
speakers were interrupted after the 3rd or 4th picture).
For the elicitation of IDS, the speaker was in the
booth on her own and was instructed to describe the
pictures to her unborn child. For ADS, the speaker
described the material to a female experimenter
sitting beside her, facing the computer screen, and not
interacting. Between the two recordings, there was a
10-minute break. All speakers produced 10–20
minutes of each IDS and ADS.
Recordings were done with a head-mounted
condenser microphone AKGC 520 L and an Edirol
UA 25 sound card connected to a Macbook running
Audacity, at 44.1kHz sampling frequency and 16-bit
quantization.
2.3. Data annotation
The recorded data were annotated in Praat [5]. First,
content words containing the vowels of interest in a
word-initial stressed syllable were segmented and
labelled. Only those words that appeared both in IDS
and ADS, mostly under phrasal accent, were selected
for vowel segmentation (the words could differ in
suffixes that did not affect the stem vowel and the
number of syllables). Speakers recorded on average 7
tokens per vowel category per style (between-speaker
range 3.5–10.4). The beginning and end points of
vowels were determined from the waveform as zero
crossings of the first and last vocalic periods
resembling in shape the periods in the vowels’ central
parts; at the same time the spectrogram was checked
to contain visible formants (especially F2) throughout
the entire vowel interval.
2.4. Acoustical analyses
Using Praat [5] the following “vowel properties”
were analysed: F0, duration, F1 and F2. Duration was
measured as the interval between the beginning and
end points of a vowel; the values measured in seconds
were log transformed. F0 was analyzed in the central
40% portions of the vowels using cross-correlation
with the pitch range set to 120-400 Hz. If the initial
analysis failed, F0 was reanalyzed with different
settings, namely a lowered pitch floor, and if that
failed, with lowered criterion for voicedness. The
tokens for which even the third analysis failed were
not further considered in the F0 measurements.
Statistical analyses were done on F0 values in Mel.

Vowel formants were assessed over the central
40% portions of the vowels, using the Burg algorithm
[1]. Formants were determined with the optimal
ceiling method described in [13]. The optimal-ceiling
method searches for such formant analysis settings
that yield the lowest variation among each vowel
category’s measured formants. Here, within-speaker
and within-style variation was optimized over the first
three formants. Tokens for which the automated
analysis yielded unlikely values (n=106) were
reanalyzed manually. ERB-transformed F1 and F2
were further used to calculate the area of the F1-F2
vowel space per speaker and style. Vowel space areas
were calculated separately for short and long vowels
as the latter are consistently more peripheral and thus
cover a larger space than their short counterparts (two
speakers’ /uː/ was missing: to calculate the area, its
F1 and F2 were interpolated from /iː/ and /oː/).
VoiceSauce [31] was used to assess the speakers’
“voice quality” in each speaking style. This analysis
was done upon perceptual assessment of the data that
revealed a noticeable degree of breathiness in some
speakers’ IDS. Parameters reflecting the vowels’
harmonic organization, namely, cepstral peak
prominence (CPP) and harmonic-to-noise ratio
(HNR, in 0-3500 Hz), as well as intensity (measured
in [5]) were explored and compared across styles.
Figure 1: Vowel spaces in IDS and ADS, ERB-scaled.
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2.5. Statistical
analyses
u u
Vowel space area, F0, and duration were each
submitted to three separate linear mixed effects
(LME) models (lmer function in R, [2]). The models
contained style and phonological length as fixed
factors with orthogonal contrasts (ADS -.5 vs. IDS
+.5, and long -.5 vs. short +.5). In the models for F0
and duration, phonological vowel quality was entered
u
u
as another fixed factor with four orthogonal
contrasts
that tested each of the three corner vowel qualities
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against the two mid vowel qualities, and the two mid
vowels against one another (a -.5 vs e +.25 and o +.25,
i -.5 vs e +.25 and o +.25, u -.5 vs e +.25 and o +.25,
e -.5 vs o +.5). Participant was entered as a random
effect and random slopes were included for each of
the within-subjects factors. These hypothesis-driven
analyses were done with alpha .01 (Kenward-Roger
approximation of df, package pbkrtest [20]).
The two measures of voice quality, CPP and HNR,
were submitted to two separate exploratory LME
models with style as the fixed factor (ADS -.5 vs. IDS
+.5), and participant and vowel category as random
effects, alpha was set to the less conservative .05.
3. RESULTS
Significant effects are listed in Table 1. Vowel space
area is affected by vowel length: unsurprisingly, the
space defined by short vowels has a smaller area than
that of long vowels. Importantly, vowel space area is
also affected by style: in prenatal IDS vowels cover a
larger area than in ADS, as seen in Fig. 1.
Table 1: Significant effects in the vowel-properties
models. Effects involving style are in bold.
model
effect
estimate
t-value
V-space
intercept
27.4 19.169
area
style (-ADS,+IDS)
3.1
3.256
length (-lng,+shrt)
-22.0 -15.952
(ERB2)
F0
intercept
156 54.299
(Mel)
length (-lng,+shrt)
5
3.215
-a vs. +eo
12
7.378
-i vs. +eo
-7
-2.888
-u vs. +eo
-13
-5.293
style*length
4
2.975
style*a vs. eo
-9
-3.640
style*i vs. eo
9
3.560
length*i vs. eo
12
4.976
duration
intercept
-2.345
-104.6
(ms)
style (-ADS,+IDS)
0.107
4.832
length (-lng,+shrt)
-0.820 -36.758
-a vs. +eo
-0.134
-4.250
-i vs. +eo
0.364
6.889
length*i vs. eo
-0.551
-9.653

F0 is affected by vowel length: short vowels have
higher F0 than long ones. The two-way interaction of
style and length and inspection of estimated means
(emmeans package [24]) show that the short vs. long
vowel difference in F0 is significant in IDS, and is
smaller or non-existent in ADS; see Table 2. The
effect of vowel quality on F0 reflects vowel-intrinsic
F0: low vowels have lower F0 than mid vowels, and
high vowels have higher F0 than mid vowels;
inspection of the means suggests that the vowelintrinsic F0 effect is stronger in ADS than in IDS.
The main effect of phonological length on
duration confirms that short vowels are acoustically
shorter than long ones (the effect of length is smaller

for the high front than for mid vowels, which is in line
with previous findings on Czech /iː/-/ɪ/ [30]). The
significant vowel quality contrasts confirm that, in
line with vowel-intrinsic duration, low vowels are
longer than mid vowels, and that the high front
vowels are shorter than mid vowels. The effect of
style reveals that vowels are longer in IDS than in
ADS. The absence of a significant style by length
interaction (est. -0.003, t = -0.099) suggests that the
short-long durational differences are similar in ADS
and IDS. A comparison of estimated means, given in
Table 2, confirms that long vowels have longer
duration than short vowels in both IDS and ADS, by
a factor of 2.27 and 2.28, respectively.
Table 2: F0 and duration, means and 95% conf. int.
short ADS long
short IDS long
F0
158
155
160
153
(Mel)
151–165 148–161 153–166 146–159
dur
60
137
67
152
(ms)
58–63
130–144
63–71
141–165

As for voice quality, only the model for CPP
yielded an effect of style (t = -2.102, p = .047)
implying that CPP is higher in ADS than in IDS; see
Fig. 2. A lack of significant intensity difference
between ADS and IDS (est. -0.933, t = -1.072), along
with the inspection of individual data in Fig. 2,
indicate that the higher breathiness in IDS is not
attributable (solely) to lower loudness.
Figure 2: CPP and intensity per speaker and style.

vowels in ADS, which is in line with a number of
previous studies on postnatal IDS. Since the larger
vowel space area in IDS is by definition caused by
larger distances between the individual vowels, it
could serve to facilitate speech sound processing, or
even learning, already during fetal development.
In line with the ‘postnatal’ IDS literature, we
found that vowels are longer in prenatal IDS with
durational distinctions between phonologically short
and long vowels being preserved, although not
enhanced. An additional analysis of word durations
and vowel/word duration ratios showed that the
lengthening in prenatal IDS is due to a slower speech
tempo: words were on average 0.052 seconds longer
in IDS than ADS (t = 2.115), while no effect of style
was detected for vowel/word ratios. Note that the
slower speech tempo may also provide an alternative
explanation for the enlarged vowel space: careful (i.e.
slower) speaking style usually leads to more
prototypical (i.e. peripheral) realization of vowels
[25] that cover a larger area than less peripheral ones.
Although we did not detect any main effects on
F0, we found that F0 may serve (along with duration)
as a distinguishing cue between phonologically short
and long vowels in prenatal IDS but not (or to a
smaller extent) in ADS. This finding speaks for the
development-facilitating function of prenatal IDS a
bit more unambiguously than the finding for vowel
space area. If F0 changes were emotional only, one
would expect a higher (~affective) or a lower
(~calming) F0 overall.2
The voice quality data speak in favour of the
affective function of prenatal IDS. As shown by the
lower cepstral peak prominence, prenatal IDS is
breathier than ADS, which may be reflecting
emotional attachment or intimacy. This finding aligns
well with previous reports of higher breathiness in
postnatal IDS and talkers’ tendencies to employ a
calming voice with the youngest infants [21, 28].
In conclusion, pregnant women address their
unborn children in a style that one may call prenatal
IDS. As in the debate on ‘postnatal’ IDS, it is as yet
unclear to what extent the acoustic properties of
prenatal IDS are aimed at helping the fetus learn the
language and to what extent they are a by-product of
the mother’s emotional attachment.
1

4. DISCUSSION
We examined whether a speech style similar to
infant-directed speech occurs in utterances addressed
to unborn children. Our data show that vowels in
prenatal IDS cover a larger vowel space area than
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ABSTRACT
The historical length distinctions have disappeared
from the vowel system of Standard French, but they
remain in several regional varieties. We focus on the
/ɛ/-/ɛː/ contrast in Quebec French, for which Santerre
[2, 3] proposed a reanalysis based on vowel quality
/ɛ/ vs. /ɜ/. We build on Santerre’s proposal by
providing a large scale acoustic analysis of 1718
realizations of /ɛ/ and /ɜ/ in final and non-final
syllables, taken from the word lists of the PFCQuebec corpus [6, 7]. Acoustical results for duration,
position in the F1/F2 space, and distance between the
starting and end points of the vowels confirm that /ɛ/
and /ɜ/ are distinct in both duration and quality. A
regional difference in the realization of /ɜ/ is also
observed. A lexical decision task performed by 44
listeners suggests that vowel duration is not a relevant
perceptual cue in the perception of the /ɛ/-/ɜ/ contrast.
Keywords: Laurentian French, vowel contrasts,
diphthongization, perception, acoustics, Quebec
1. INTRODUCTION
Whereas historical length distinctions have been lost
in the Standard French vowel system (e.g. [1]), they
remain productive in other varieties, in particular that
between /ɛ/ and /ɛː/, as exemplified by the minimal
pair faites /fɛt/ ‘do.2PL’ vs. fête /fɛːt/ ‘party’; other
minimal pairs include mettre /mɛtʁ/ ‘put.INF’ vs.
maître /mɛ:tʁ/ ‘master’ and belle /bɛl/ ‘beautiful.FEM’
vs. bêle /bɛ:l/ ‘bleat’. Laurentian French, the main
variety spoken in Quebec and Canada, is one such
variety, but Santerre [2, 3] has proposed that the /ɛ//ɛː/ distinction has been reinterpreted as mainly based
on vowel quality and he adopts the symbol /ɜ:/ for the
long vowel, a more open and less anterior vowel than
/ɛ/. Santerre’s vowel measurements for the pair faitesfête are summarized in Table 1.
As a result, the Laurentian vowel system includes
pairs of long and short vowels, which are all
distinguished by both duration and quality [4], as
shown in Figure 1 for oral vowels. In this variety,
however, long vowels are diphthongized in closed
final syllables toward the corresponding high vowel,
as in fête [fɜ͡it].
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Table 1: Average durations (cs), average values of
F1 and F2 at the beginning (F1_A, F2_A) and end
(F1_B, F2_B) of the vowel (Hz). Based on [2].

faites
fête

Av.
Dur
(cs)
12.071
21.643

Av.
F1_A
(Hz)
560
645

Av.
F1_B
(Hz)
600
533

Av.
F2_A
(Hz)
1914
1717

Av.
F2_B
(Hz)
1845
1990

Figure 1: Oral vowel system of Quebec French. Based
on [4].

Santerre’s findings were based on a small date set:
seven speakers uttered each word twice and there are
missing values for F1 or F2 for most tokens (mainly
due to the material difficulty to examine formants in
the 1970s-1980s). In addition, since the long vowel
was measured only in a context that favors
diphthongization, we cannot exclude the hypothesis
that the observed difference in quality between the
short and long vowels is only due to diphthongization
and not to an underlying contrast in quality between
them. It is also unclear to what extent speakers rely
on quality or duration to distinguish between /ɛ/ and
/ɜ:/.
We offer a large scale replication of Santerre’s
acoustic findings, including /ɜ:/ in non-final syllables
to prevent diphthongization, and using new spectral
measurements, such as the distance between the
initial and final positions of each vowel in an F1/F2
space [5]. The results also point to regional variation
in Quebec in the diphthongization of /ɜ:/. In addition,
we complement the production data with the results
of a lexical decision task addressing the role of vowel
duration in the perception of /ɛ/ vs. /ɜ:/.

2.4. Statistical analysis

2. PRODUCTION
2.1. Speakers

The data considered in this study were taken from
the Canadian portion [6] of the Phonologie du
Français Contemporain (PFC) project [7].
We analyzed words containing /ɛ/ and /ɜ:/
phonemes, read by 360 speakers (166♂ and 194♀)
recorded between 2009 and 2017 in 25 localities in
Quebec and one in Ontario (Canada). The speakers
belonged to three different age groups: 108 born in
1953 or before, 141 born between 1954 and 1984, and
111 born in 1985 or after. They were all native
speakers of Laurentian French. Speakers of Acadian
French, the other variety spoken in Canada, whose
vocalic system functions differently [8], were not
included.
2.2. Material

Among other tasks, each speaker read two word lists,
which included the words faites ‘do.2PL’, with the
short /ɛ/, and the words fête ‘party’, fêtard ‘reveler’,
fêter ‘celebrate-INF’ and fêteriez ‘celebrateCOND.2PL’, with the long counterpart /ɜ:/, in final and
non-final syllables. The last three words are
morphologically derived from fête. Unfortunately,
the word lists did not include derived forms with the
short /ɛ/ (e.g. pèter /pɛte/ ‘pop.INF’ derived from
pète). The first vowel of each token was automatically
segmented [9] in Praat [10], and manually checked
and corrected. A total number of 347 /ɛ/ and 1371 /ɜ:/
was included in the analysis; see Table 2 for details.

To analyze these data we used a linear mixed model
(lmer package of R). Word, age, gender, and locality
were set as fix effects, and speaker as a random effect.
Duration and the Euclidian distance were set as
dependent variables. We also computed R² values
[11], representing the explained variance. The values
obtained indicate to what extent the independent
variables included in the linear mixed model
influence our metrics. Here R² values will be used to
qualify the weight of certain effects on the variation.
Posthoc tests (Tukey HSD) then allowed us to
observe how our five words differed from one another
in terms of diphthongization (=distance between the
initial and final positions in the vowel in a F1/F2
space), position in a F1/F2 space, and duration.
A clustering model (Ward method, data = mean F1
and F2 for each speaker) was also used to further
explore the link between regional origin, age, and
vowel realization.
2.5. Results

First, our data showed durations, mean F1, and mean
F2 values similar to those found by [2] (see Table 3
for our results vs. Table 1 for [2]'s results).
Table 3: Average durations (s), average values of
F1 and F2 at the beginning (F1_A, F2_A) and end
(F1_B, F2_B) of the vowel in Hz.
Word
faites
fête

Table 2: Number of tokens for each word.
faites

fêtard

fête

fêter

fêteriez

Total

347

333

332

352

354

1718

Av.
Dur
(s)
0.138
0.23

Av.
F1_A
(Hz)
528
693

Av.
F1_B
(Hz)
553
477

Av.
F2_A
(Hz)
1845
1541

Av.
F2_B
(Hz)
1777
1881

2.5.1. Durations

2.3. Metrics

A Praat script automatically extracted the duration (s)
of each vowel and the values of its 1st and 2nd formants
(Hz) at the 1/5, 2/5, 3/5, 4/5 and 5/5 of the duration of
the vowel. We did not convert the formant values in
Bark for the sake of comparison with [2] in Table 1.
We computed the Euclidian distance from the
initial position (F1 and F2 at 1/5) to the final position
(F1 and F2 at 5/5) for each vowel in a F1/F2 space
(see equation 1). This measure is used as an
approximation of the degree of diphthongization.
(1) 𝑑 = #(𝐹1𝑝𝑡1 − 𝐹1𝑝𝑡5)² + (𝐹2𝑝𝑡1 − 𝐹2𝑝𝑡5)/
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The posthoc test showed significant differences in
duration between the vowels of each word.
Nevertheless Figure 2 allows us to observe that the
vowel [ɜ:] in fête (at the extreme right) is much longer
than the others (μ=220ms, σ=57ms). The shorter
duration of the vowels in fêter, fêteriez and fêtard is
arguably related to their non-final and unstressed
position in the word.
However, vowel duration in faites (μ=112ms,
σ=39ms) is half that in fête, clearly indicating that [ɛ]
and [ɜ:] contrast in length. The word was the variable
which had the higher effect on the variation in
duration (R²=0.48).

Figure 2: Boxplot of the distribution of vowel
duration (s) for each word

proposed for Quebec (e.g. [12]). As shown in Figure
4, Cluster2 includes more speakers from the eastern
part of Quebec in each age group and this difference
is more marked for older speakers, the old group from
the East being the only one with a majority of
diphthongs in Cluster2. The effect of the East-West
division on the quality of the diphthongs is confirmed
by an analysis of variance for mean F1
(F(1,351)=12.46,
p<0.001)
and
mean
F2
(F(1,351)=5.67, p<0.05). We also observe a
significant effect of age groups on mean F1
(F(2,350)=5.06,
p<0.01)
and
mean
F2
(F(2,350)=6.73, p<0.01).

2.5.2. Spectral measures
Posthoc tests showed a significant difference in the
distance in F1 and F2 between the 1st and 5th points of
measure for fête, as opposed to the other four words,
fête displaying a greater formant shift (see Figure 3).
Once again, the word was the IV which had the higher
effect on the DV (R²=0.23).
We can also qualitatively observe that formant
trajectories go in opposite directions for faites vs. the
other four words: backward and downward for the
short vowel, but forward and upward for the long
vowels, in both final and non-final position.

Figure 4: % of speakers from each age group and
locality belonging to the 2 clusters.
Y=young, M=middle age, O=old; E=East,
W=West. E.g. Y_E = young people from the East.

Figure 3: Formant trajectories of the vowels in our 5
words in a F1/F2 space (Hz)

3. PERCEPTION
We designed a perception test in order to assess to
what extent vowel duration affects the perception of
contrast between faites and fête.
3.1. Material

Our clustering model for the vowel of fête generated
two main clusters which essentially differ in their F2
value: the mean F1 and F2 in Cluster1 were 595Hz
(σ=80.29) and 1610Hz (σ=142.56), as opposed to
606Hz (σ=79.42) and 1950Hz (σ=97.18) in Cluster2.
These formant values suggest that speakers in
Cluster2 realize diphthongs that are more anterior
than speakers in Cluster1.
This difference appears to indicate regional
variation in the realization of the diphthong, as well
as an interaction between age and location. To further
address this issue, the 26 localities were divided
between East and West, with a border situated
halfway between Montreal and Quebec City. This
corresponds to the traditional dialectal division
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We extracted 32 tokens of fête and faites from our
corpus, as detailed in Table 4. Four groups of tokens
were defined, in which male and female speakers
were equally represented.
The ‘canon’ group includes realizations with a
canonical vowel duration for each word (i.e. about
120ms for the vowel of faites and 210ms for the
vowel of fête). The other three groups were designed
by dividing in three the duration span shared by the
vowels in faites and fête. The G1 group includes the
shortest vowels (75ms to 103 ms), G2 corresponds to
an intermediate duration (103ms to 131ms), and G3
consists of tokens with longer vowels (131ms to
160ms). The tokens in G1, G2 and G3 contain vowels
that are all relatively short for fête, which suggests
that they could be perceived as faites if vowel
duration is an important factor in the distinction.

Table 4: Number of tokens for each word per
duration group and speaker gender.
Duration
/ Gender

Canon

G1

F

M

F

M

F

M

F

M

faites

2

2

2

2

2

2

2

2

16

These results allow us to conclude that there is no
effect of vowel duration on the perception of the
distinction between fête (with a phonologically long
vowel) and faites (with a phonologically short
vowel). In particular, the tokens of fête with the
shortest vowels were not perceived as faites.

fête

2

2

1

3

2

2

2

2

16

4. DISCUSSION

Total

4

4

3

5

4

4

4

4

32

G2

G3

Total

For all 32 stimuli, we added a 70ms silence at the
beginning of the word and normalized their intensity
at 70dB. The stimuli were used in an online audio
recognition test on the LimeSurvey platform. For
each stimulus, listeners had to indicate whether they
heard the word faites or the word fête. Stimuli were
displayed in a random order (different for each
participant).
A total of 44 native speakers of Laurentian French
participated in the experiment (15♂ and 29♀, average
age of 39 – σ=15.9). The test lasted around five
minutes.
3.2. Analysis and results

We computed the percentage of good vs. bad
identifications for each stimulus and for each listener,
as well as kappa scores (Fleiss Kappa computed with
R Package irr) to measure interjudge agreement.
The recognition test showed very little confusion
between fête and faites. As shown in Figure 5, the
error rates for faites and fête were respectively about
7% (46 errors) and 4% (30 errors). In each duration
group, the error rates were as follows: for faites, 1%
in G1 (with the shortest vowels), 11% in G2, 8% in
G3, and 4% in the canonical group; for fête, 2% in
G1, 1% in G2, 13% in G3, and 0.5% in the canonical
group.
Fleiss’ Kappa score for interjudge agreement was
k=0.73 (73% of agreement between listeners’
answers to the test, p<0.001). This level of agreement
is considered quite good [13].
Figure 5: Number of faites and fête answers for both
types of stimuli.
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In this study we pursued the work done by Santerre
[2, 3] on the distinction between the long vowel /ɜ:/
of fête and the short vowel /ɛ/ of faites. We used a
large corpus (360 speakers, 1718 tokens), computed
new acoustic measures, and designed a lexical
decision test to assess the influence of vowel duration
on the perception of the /ɜ:/-/ɛ/ contrast.
In addition to the duration, mean F1 and mean F2
for each token of /ɜ:/ and /ɛ/, we computed the
Euclidian distance from the starting point (at 1/5 of
the vowel duration) to the end point (at 5/5 of the
vowel duration) in a F1/F2 space.
These measures confirm the longer duration and
diphthongized quality of the vowel of fête as opposed
to that of faites, but also to those of fêter, fêtard and
fêteriez, which are morphologically derived from fête.
However, formant trajectories suggest that the two
vowels remain distinct in all positions: going
backward and downward in faites, but forward and
upward in all words of the fête family. We conclude
that even if the mean formant values for /ɜ:/ in nonfinal syllables are close to those of /ɛ/ in faites, there
is no neutralization between the two vowels’ quality.
These results must be confirmed with additional
minimal pairs, as well as derived forms with /ɛ/.
In addition, the statistical analysis uncovers a
regional distinction in the diphthong in fête, as well
as an interaction between age and location. Speakers
from the eastern part of Quebec display diphthongs
that are more anterior (which is known to be one of
the distinguishing features of the East-West dialectal
division of the Laurentian domain [14]). Moreover,
this difference in the quality of the diphthongs
appears to be subject to levelling across age in the
direction of the western variant. This type of levelling
has been observed for other sound variables [15], but
the quality of diphthongs requires further
investigation.
Finally, our perceptual experiment on the minimal
pair faites vs. fête showed that word recognition was
essentially driven by vowel quality rather than vowel
duration. Our 44 native listeners correctly identified
words at a rate of more than 90%, independently from
vowel duration. Listeners relied on vowel quality,
which further confirms Santerre’s earlier proposal
that the historical /ɛ/-/ɛː/ contrast has been reanalyzed
in terms of vowel quality in Laurentian French.
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ABSTRACT
Articulatory coordination in English phonemic vowel
length contrasts has not been systematically explored.
Australian English (AusE), which has a true
phonemic vowel length contrast in the open vowels
/ɐː-ɐ/ (as in tart-tut), provides a natural control case
for exploring articulatory vowel length. Intergestural
coordination was examined using Electromagnetic
Articulography in stop-initial syllables differing in
vowel length produced by five speakers of Australian
English. Constriction formation of the supraglottal
consonant gesture in the onset was synchronous with
the nuclear vowel gesture irrespective of vowel
length. Constriction release of the onset consonant
was delayed, and VOT lengthened, in syllables
containing a phonemically long vowel (tart),
compared to syllables with short vowels of the same
quality (tut). The findings are consistent with a model
of syllable structure in which there is independent
control of constriction formation and constriction
release in onset gestures.
Keywords: vowel length; gestural coordination;
Australian English; syllable structure; articulography
1. INTRODUCTION
Languages exploit different patterns of coordination
of glottal and supraglottal gestures to create
phonological contrasts between onset stops [5]. In
English, both aspirated and ‘voiced’ onset stops
contain two gestures: a supraglottal constriction
gesture and a glottal abduction gesture [3, 4].
Aspirated onset stops are characterised by a delay
between release of the supraglottal constriction and
the offset of the glottal abduction gesture (VOT ~70
ms). ‘Voiced’ onset stops have greater synchrony of
supraglottal and glottal gestures (VOT ~ 46 ms) [11].
An assumption of most models of syllable
structure is that intrinsic timing in the onset is
independent of other elements in the syllable [7, 12,
20]. In a simple CV syllable, for example, onset
duration and intergestural coordination is primarily
dependent upon the intrinsic phonological and
(language-specific) voicing properties of the initial
consonant. In Task Dynamic models [e.g. 3, 4], the
duration of both glottal and supraglottal gestures of
onset consonants is specified by a gestural stiffness
that determines the global duration of the gesture.
However, observations from Canadian English
[15], American English [16] and German [19]
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indicate that VOT is also influenced by vowel
context: increased VOT was observed for stops
preceding phonemically long vowels. This suggests
the offset of the glottal abduction gesture is
progressively delayed relative to the offset of the
supraglottal constriction as a function of increasing
vowel duration. This is inconsistent with models of
syllable structure in which onset and vowel timings
are independent and controlled by monolithic timing
parameters [3, 4].
Studies of German [8, 9] show that vowel length
is linked to changes in intergestural VC coordination
in stressed syllables. Long vowel gestures are less
overlapped with following coda consonant gestures
than short vowel gestures [8, 9]. This suggests the
increase in VOT could also arise from a reduction in
overlap between the onset stop and the following
vowel. However, the effect of phonological vowel
length on the gestural coordination and durations of
CV sequences has not been systematically explored.
Non-rhotic AusE is a language of interest with
respect to these issues because of the nature and
properties of its phonological vowel length contrasts.
The long-short vowel pair /ɐː-ɐ/ (as in cart-cut)
displays minimal spectral and articulatory difference
[6] providing a natural control case for examining the
relationship between onset stop gestures and
phonemic vowel length.
The goals of this study are to:
1) Examine the gestural organisation of onset
voiceless stops in Australian English, using
articulography.
2) Determine how onset voiceless stop
coordination varies with respect to
phonemically long and short following
vowels.
2. METHODS
2.1. Participants

Five monolingual Australian English speakers (two
males; age: 18-24, mean 21 years) were recruited at
Macquarie University, Sydney NSW.
2.2 Experimental Materials

The corpus contained four monosyllables contrasting
long (/ɐː/) and short (/ɐ/) vowels in labial /pVp/ and
coronal /tVt/ contexts: ‘parp’, ‘tart’, ‘pup’, and ‘tut’.

Target items were produced in the carrier phrase
‘See CVC heat’ to control tongue and lip position
prior to and after target production. Stimuli were
presented via computer screen in ten randomised
blocks of 18 items. We selected four of the items per
block (‘parp’, ‘tart’, ‘pup’, ‘tut’) for this analysis.
2.2 Data Acquisition

Speech movements were tracked at a sampling rate of
100 Hz using a Northern Digital Inc. Wave Electromagnetic Articulography (EMA) system. Sensors
were located on the mid-sagittal plane on key
articulators including the lower lip (LL), tongue tip
(TT) and tongue dorsum (TD). Head movement was
corrected using three reference sensors located on the
participants’ left and right mastoids and nasion.
Vertical sensor displacement was expressed relative
to participants’ occlusal plane; horizontal
displacement with respect to the rear of the upper
incisors. Articulographic data were synchronised
with companion speech audio recorded using a
shotgun microphone at a sampling rate of 22,050 Hz.
2.3. Data analysis

Ten repetitions of four syllables were produced by
four participants. One participant completed only
eight repetitions, providing 192 onsets, 98 long
vowels and 98 short vowels in total for analysis.
Gestural landmarks were semi-automatically
located using the findgest algorithm in Mview [17].
Three intervals were demarcated in each supraglottal
stop gesture (C) and each vowel gesture (V) (Fig. 1):
i) Constriction Formation (CF) = Gesture onset to
Nucleus Onset; ii) Constriction Plateau (CP) =
Nucleus Onset to Nucleus Offset; iii) Constriction
Release (CR) = Nucleus Offset to Gesture Offset.
Figure 1: Articulatory and acoustic measurements:
'parp'. Top to bottom: 1) Spectrogram, 2) Waveform, 3) LL vertical displacement, 4) TD vertical
displacement.
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Total gesture durations (C and V) were calculated
by summing durations of the three sub-gestural
intervals. Onset stop VOT (Fig. 1, 2nd row) was
measured using the spectrogram and waveform from
beginning of the stop release burst to the onset of
voicing for the vowel. The onset of vowel voicing
was used as an approximation for the end of the C
glottal abduction gesture which could not be directly
measured using EMA. Two measures of intergestural
timing were calculated from these landmarks within
the onset and nuclear gestures:
 TCVOT = C Gestural Offset – VOT Offset
 TCVart = C Gestural Onset – V Gestural Onset
3. RESULTS
3.1 VOT and gesture durations in CV

We constructed linear mixed effects models to test for
main effects of Phonemic Vowel Length (short/long)
on VOT and on the durations of C, CCF, CCP, CCR,
V, VCF, VCP and VCR. The fixed effects structure for
all models included main effects of Phonemic Vowel
Length (short /ɐ/ as intercept) and Consonant Type
(labial/coronal) with random intercepts of speaker.
We excluded a Phonemic Vowel Length × Consonant
Type interaction when it did not improve model fit.
An interaction between Phonemic Vowel Length ×
Consonant Type improved model fit for VCP, so was
included for this variable, but information about the
interaction is not reported here. Modelling was
conducted using the lme4 package in R [1]. p-values
were obtained through maximum likelihood tests
with Satterthwaite approximations to degrees of
freedom [10].
VOT was significantly longer (β = 11.6 ms) for
stops preceding long vowels (F = 42.9, p < .001). C
supraglottal gestures were also significantly longer (β
= 14.3 ms) preceding long vowels (F = 12.3, p < .001).
The three intervals within the C supraglottal gesture
were also examined (Fig. 2).
The Constriction Formation interval (CCF) was
not significantly longer for stops preceding long
vowels (β = 1.21 ms, F = 0.17, p = .686). Constriction
Plateau (CCP) was shorter for stops preceding long
vowels (β = -1.66 ms) but once again this difference
was not significant (F = 0.28, p = .600). Finally,
Constriction Release (CCR) was found to be
significantly longer for stops preceding long vowels
(β = 11.9 ms, F = 15.5, p < .001).
Long vowel gestures had a significantly greater
duration than short vowel gestures (β = 74.7 ms, F =
73.4, p < .001). The three intervals within the vowel
gesture were also examined (Fig. 3). The Constriction
Formation (VCF) of long vowel gestures was
significantly longer than for short vowel gestures (β =
18.6 ms, F = 11.4, p < .001). The Constriction Plateau

(VCP) of long vowel gestures was significantly
longer than for short vowels (β = 57.9 ms, F = 195.4,
p < .001). Constriction Release (VCR) durations of
long vowel gestures were not significantly longer
than VCRs of short vowel gestures (β = 10.6 ms, F =
1.9, p = .168).
Figure 2: Durations (ms) of three gestural intervals
in consonants produced before long (black) and
short (orange) vowels. L-to-R: constriction
formation (CCF); constriction plateau (CCP);
constriction release (CCR).

indicate a larger delay in the offset of the glottal
abduction gesture relative to the offset of the C
supraglottal abduction gesture. TCVOT was modelled
as a linear function of Phonemic Vowel Length (/ɐ/ as
intercept) and Consonant Type, with random
intercepts for speaker. Phonemic Vowel Length ×
Consonant Type interaction was not found to improve
model fit so was not included. Phonemic vowel length
did not have a significant effect on TCVOT (β = -0.7 ms,
F = 0.0, p = .833; Fig. 4).
Figure 4: Time lags (ms) between onset C and
nuclear V gestures in long (black) and short
(orange) vowels. Left: supraglottal constriction
release to VOT onset; Right: onset of C constriction
formation to vowel constriction formation.

Figure 3: Durations (ms) of three gestural intervals
in long (black) vs. short (orange) vowels. L-to-R:
constriction formation (VCF); constriction plateau
(VCP); constriction release (VCR).

TCVart measured the delay between the onset of the
primary supraglottal gesture of the onset consonant
and the dorsal gesture of the nuclear vowel. Higher
TCVart values indicate less overlap between C and V
gestures, which would be expected if long vowels are
less overlapped with onset consonants than short
vowels. TCVart was modelled as a linear function of
Phonemic Vowel Length (/ɐ/ as intercept) and
Consonant Type, with random intercepts for speaker.
Phonemic vowel length did not have a significant
effect on TCVart (β = 2.3 ms, F = 0.2, p = .68; Fig. 4).
3.3 Summary of results




3.2 Intergestural timing in CV



Intergestural coordination was examined through
analysis of two lags. First, TCVOT measured the delay
between the offset of the supraglottal C gesture and
the offset of VOT; the acoustic cue to the offset of the
C glottal abduction gesture. Higher lag values
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VOT is 12 ms (16%) longer in stops before long
vowels, compared to stops before short vowels.
Supraglottal onset gestures are 14 ms (5%)
longer in CVː syllables, compared to CV
Constriction Release interval (CCR) is longer in
supraglottal onset gestures (12 ms / 11%)
preceding long vowels.
Constriction Formation (CCF) and Plateau
(CCP) intervals of onset gestures are unaffected
by length of following vowel.
Long vowel gestures are 75 ms (18%) longer
than in short vowels.






Constriction Formation interval (VCF) is 19 ms
(10%) longer in long vowels.
Constriction Plateau interval (VCP) is 58 ms
(86%) longer in long vowels.
Lag between offset of supraglottal and glottal
gestures (TCVOT) in onset stops unaffected by
tautosyllabic vowel length.
Lag between onsets of supraglottal onset gesture
and tautosyllabic vowel gesture (TCVart)
unaffected by vowel length.
Figure 5: Schematic of kinematic trajectories for C
supraglottal (top), C glottal (mid) and vowel
(bottom) gestures in long (black) and short (orange)
vowel conditions. C glottal estimated from VOT
landmarks in 2.3. Asterisks mark intervals with
significant effects of phonemic vowel length.

4. DISCUSSION
In this study, we investigated gestural organisation in
voiceless onset stops preceding long and short AusE
vowels. Consistent with previous research in other
Germanic languages [15, 16, 19], we found longer
VOT in voiceless stops preceding phonemically long
vowels. We used two metrics to examine details of
intergestural coordination to shed more light on the
mechanisms underlying the observed lengthening of
VOT before long vowels in Australian English.
First, we found that the relationship between the
offset of the supraglottal stop gesture and the onset of
vowel voicing was unaffected by vowel length.
Differences in VOT therefore do not appear to be
driven by a progressive delay in the offset of the
glottal abduction relative to the offset of the
supraglottal stop gesture in the long vowel condition.
Second, we examined the lag between the onset of
the supraglottal stop gesture and the onset of the
nuclear vowel gesture to determine if there were
different patterns of intergestural coordination for
CVs containing long vs short nuclear vowels.
Contrary to studies of German VC rimes [8, 9] we did
not find a change in intergestural coordination
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between long and short vowel conditions. This
suggests that changes in VOT are unlikely to be the
result of fundamental changes in the gestural
coordination between onset stop gestures and nuclear
vowel gestures. These findings are consistent with
models of syllable structure that assume fixed
intergestural relationships between consonant and
vowel gestures in CV sequences [3, 4]
If the same fundamental patterns of gestural
coordination govern the organisation of CV and CVː
syllables in Australian English, the question remains
as to why VOT differs as a function of tautosyllabic
vowel length. As illustrated in Figure 5, both
consonant gestures were found to be longer in onsets
of syllables containing long vowels. However, there
was not a linear rescaling of either the supraglottal C
gesture or the V gesture with vowel length (the entire
glottal abduction gesture of the onset stop could not
be measured acoustically). Only the constriction
release interval (CCR) of supraglottal C gestures was
lengthened before long vowels; the formation (CCF)
and plateau (CCP) intervals of onsets remained
unchanged. Similarly, only the formation (VCF) and
plateau (VCF) intervals of long vowel gestures were
found to be longer than the equivalent intervals in
short vowels; gestural release intervals (VCR) did not
differ significantly with vowel length.
In Task Dynamic models of syllable structure,
gestural duration is determined by intrinsic stiffness
[3, 4, 14]. Changes in duration of sub-gestural
intervals which are sensitive to overall syllable
length, such as those observed in these onset
consonants, suggest that additional local prosodic
mechanisms may be involved. The patterns of
intergestural coordination observed in these data are
consistent with models of speech production in which
there is independent timing control of consonant
constriction formation and release components [2, 13,
18].
4. FUTURE DIRECTIONS
More data is required to determine how these patterns
hold in larger populations of speakers, and in other
varieties of English. Different types of onset
consonants will shed more light on patterns of
intergestural coordination and how they interact with
short and long vowels in Australian English.
Extended sensing techniques – including EGG and
transglottal illumination – could provide richer direct
information about glottal activity, informing more
accurate models of intergestural timing in onsets.
Manipulation of speech rate can be used to determine
which timing properties of these syllables are intrinsic
to their constituent gestures, and which are sensitive
to more global principles of prosodic organisation.
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the tongue. In a study of Scottish English, Scobbie
et al. [29] show that fronted /u/ is produced with a
tongue position that is fronted, but also lowered, setting the Scottish variant of /u/ apart from that found
in other parts of Britain. A cross-dialectal study of
/u/-fronting by Lawson et al. [21] confirms the articulatory configuration for fronted /u/ found in [29].
They show that the maximum tongue height for /u/ in
Scottish English is indeed lower than the maximum
tongue height for Anglo and Irish varieties. These
results demonstrate that the processes of /u/-fronting
throughout English are not monolithic.
In North American English, the fronting of the
non-low back vowels has seen a great deal of investigation in the sociophonetic literature [11, 9, 14,
25]. Labov et al. [20] find that the fronting of
/u/ is widespread throughout the United States and
Canada, occurring to some degree in almost all of
the varieties they study. They show that the fronting
of /u/ is strongly conditioned by preceding coronal
onsets, such that the F2 of /u/ exhibits a three-way
split. In pre-lateral environments, /u/ remains in the
high back region of the vowel space, with a low F2.
Following a coronal onset, /u/ is strongly fronted, exhibiting a mean F2 approaching that of /i/. Following non-coronal onsets, /u/ is fronted to a moderate
degree, such that it is realized roughly as [ʉ]. In some
(but not all) regions, the fronting of /u/ is also accompanied by fronting of /o/. Parallel fronting of /u/
and /o/ is particularly strong in the Southeast [30, 3],
while California English exhibits strong fronting of
/u/ and moderate fronting of /o/ [20, 19]. Unlike /u/,
the fronting of /o/ has not been shown to be conditioned by onset place of articulation [20, p. 55].
Instrumental articulatory data is lacking, however,
and transcriptions and impressionistic observations
from previous studies are inconsistent. For instance,
Hinton et al. [17, p. 119] write that the California back vowels “are clearly more front and less
rounded” and Hagiwara [13, p. 657] describes them
as “typically unrounded.” Thomas [31, p. 34], on the
other hand, writes that he is “skeptical” that fronted
/u/ is unrounded. Eckert [9] distinguishes between
two types of vowel fronting in California, dubbed
the “Surfer” and “Valley Girl” variants. She tran-

ABSTRACT
The fronting of the vowels /u/ and /o/ is observed
in numerous varieties of English, but has been analyzed mainly in terms of acoustics rather than articulation. Because the acoustic correlate of this
change, an F2 increase, can be the result of any gesture that shortens the front cavity of the vocal tract,
it is unknown whether speakers achieve this change
through tongue fronting, lip unrounding, or a combination of these strategies. This paper presents articulatory and acoustic data on back vowel fronting from
two varieties of American English: Southern California and South Carolina. It is shown that speakers of both varieties retain the rounding gesture for
/u/ and /o/, and that the F2 increase is achieved by
tongue fronting rather than lip unrounding.
Keywords: vowel fronting, articulation, ultrasound,
sound change, sociophonetics
1. INTRODUCTION
The fronting of the back vowels /u/ (GOOSE), /o/
(GOAT), and /ʊ/ (FOOT) has been observed in numerous varieties of English, including those of North
America [20], Britain [15], Australia [7, 8], New
Zealand [12], and South Africa [22]. While this diachronic change has received much attention in the
literature, previous research has focused mainly on
acoustics rather than articulation. However, given
that an increase in F2 can be the result of any gesture
that shortens the front cavity of the vocal tract (including tongue fronting or lip unrounding), acoustic
studies do not reveal which strategy speakers actually employ to achieve this change. Moreover, it is
not known to what extent the articulatory configurations responsible for vowel fronting differ between
speakers or dialects.
Previous articulatory study of this change has been
limited to British varieties. Using a combination of
acoustic, perceptual, and EMMA analysis, Harrington et al. [16] find that the fronting of /u/ in Southern
Standard British English (SSBE) is not the result of
lip unrounding, but is achieved through fronting of
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scribes the Surfer variant as [y] (as in [dyd] dude),
also suggesting fronting without unrounding. The
Valley Girl variant is diphthongized, with a front unround nucleus and a back round offglide, such that
food is realized as [fɪwd] and goes as [ɡɛwz].
It is therefore of interest to determine how back
vowel fronting in American English is actually
achieved in terms of articulation. Do fronted variants
of /u/ retain their lip rounding, as has been shown
for British English? In addition, does the articulatory strategy for vowel fronting differ by speaker or
dialect? This paper considers back vowel fronting in
two varieties of American English. The first is that
of Southern California, where back vowel fronting
is a well known and stereotypical component of the
California Vowel Shift. The second is that of South
Carolina, which has received attention for exhibiting
advanced parallel fronting of both /u/ and /o/.

Ultrasound data were captured using an Articulate
Instruments SonoSpeech Micro ultrasound system
with a 20mm radius 2–4MHz transducer. Ultrasound
images were captured at an average frame rate of
84 frames per second (fps). A stabilizing headset
[1] was used to keep the ultrasound transducer in a
constant position with respect to the speaker’s head.
Sagittal-view video of the speaker’s lips was captured at 60 fps using a camera mounted to the ultrasound headset. Audio was captured with an AKG
C544 L cardioid headset condenser microphone and
recorded at a 48 kHz sample rate and 16-bit sample depth with a Marantz PMD661 Mk2 solid state
recorder. Audio was simultaneously recorded to disk
in Articulate Assistant Advanced (AAA) [2], which
was used to synchronize the audio, video, and ultrasound data streams.
2.4. Data Analysis

2. METHODS

Formant measurements were taken in Praat [4], with
LPC coefficients calculated using the Burg algorithm [6, 26]. Formant measurements were taken at
25% of the vowel’s duration, as well as the points
of maximum labial and lingual articulation. Vowel
formant measurements were normalized according
to the Nearey1 normalization procedure [23] using
the vowels package for R [18, 27].
Lip video data were analyzed with a purpose-built
tool written in Python using PsychoPy [24]. The
TextGridTools package for Python [5] was used to
identify the start and end points of the target vowel
intervals, based on TextGrids used for the acoustic
analysis. FFmpeg [10] was then used to extract still
frames from the portion of the video corresponding
to the vowel. For each target vowel, the annotator
was prompted to scroll through the extracted video
frame-by-frame and identify the point of maximum
labial articulation. Points were manually placed at
the upper and lower edges of the lip aperture, respectively defined as (i) the boundary between the
vermillion border and oral mucosa of the upper lip
and (ii) the nearest point on the lower lip. A third
point was placed at the oral commissure. In this paper, the measure used to quantify the degree of lip
rounding is lower lip protrusion (LLP), which was
determined by calculating the horizontal distance of
the point placed on the lower lip from the posterior
edge of the video frame.
Ultrasound data were analyzed in AAA, with
tongue splines automatically fit to the ultrasound images using the Batch Process function. Automatically splined tongue contours were checked for accuracy and manually corrected when necessary. Still
images corresponding to each splined frame were ex-

2.1. Participants

Twenty-five participants (9 men, 16 women) took
part in the study, which was conducted at universities in South Carolina and in San Diego, California.
Participants were natives of either South Carolina or
of coastal Southern California, having been born and
raised in their respective region at least through the
age of 18. Fifteen participants (8 women, 7 men)
were from Southern California, and ten participants
(8 women, 2 men) were from South Carolina.
2.2. Materials

Participants were asked to repeat a list of 203
(mostly) monosyllabic words containing the vowels
/i u ɪ ʊ e o ɑ ɔ/. Each word contained one of the onset
consonants /p b t d s ʃ k g h/ and one of the coda consonants /# p t k l/. Each word was produced in the
again,” which was repeated
carrier phrase “say
three times in succession. This provided 609 tokens
per participant, for a total of 15,225 tokens across
all participants. Words were presented in pseudorandom order, so that no two words containing the
same vowel appeared in successive order. In addition, the vowels /u o ʊ/ did not appear in sequence
with their front unround counterpart (/i/, /e/, or /ɪ/)
and vice versa.
2.3. Procedure

Recording for this experiment took place in soundattenuated rooms at both research sites. Identical
methods and equipment were used in both locations.
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Figure 1: Illustration of the RD-Σ metric for degree of tongue fronting. Gray lines represent individual tokens, black lines indicate mean tongue
contours for each phonological environment. RDΣ is the summed length of the dashed lines. Data
from speaker Cal007.

0.006

(b) tea vs. too, RD-Σ =
57.6 mm

Density

(a) he vs. who, RD-Σ =
89.03 mm

Figure 2: Histogram of normalized F2 measurements for /u/ by onset, Southern California speakers. Measurements taken at 25% of vowel’s duration.
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Figure 3: Relationship of F2 to tongue frontedness (RD-Σ) for /u/, Southern California speakers.
r = –.496, p < .001.

/u/

ported along with the tongue spline coordinates, and
the frame containing the point of maximum lingual
articulation was selected for analysis.
Degree of tongue fronting was determined using
a measure of “summed radial difference” (RD-Σ),
inspired by the dorsal crescent metrics proposed by
Scobbie and Cleland [28]. Ultrasound tongue spline
data were exported from AAA in polar coordinates,
with each spline comprising forty-two points defined
in terms of polar angle (θ) and distance (radius) from
the center of the ultrasound transducer (in millimeters). For each speaker, the mean tongue contour for
all three repetitions of each word was determined by
calculating the mean radius along each polar angle.
Then, mean tongue contours for minimal pairs containing the vowels /i/ and /u/, /i/ and /o/, and /i/ and
/ʊ/ were compared. The RD-Σ for a given minimal
pair (i.e., phonological environment) is the sum of
the difference in radius between the two mean tongue
contours, for all polar angles where the radius for /u/
(or /o/ or /ʊ/) is greater than that of /i/.
The RD-Σ metric is illustrated in Figure 1, which
shows tongue spline comparisons for /u/ in two
phonological environments. This figure reveals that
the radial difference between /u/ and /i/ is smaller
in the t_# environment (Figure 1b) than for the h_#
environment (Figure 1a), indicating that the tongue
position for /u/ is fronter after /t/ than after /h/. RDΣ is inversely proportional to tongue frontedness, so
fronter tongue positions exhibit a lower RD-Σ.
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3.1. Southern California

Results for speakers from Southern California are
considered first. Figure 2 displays normalized F2
measurements for non-pre-lateral /u/, with tokens
categorized by preceding consonant. It is observed
that the distribution of F2 for /u/ is bimodal, with
higher values for F2 following coronal onsets and
lower values for F2 following non-coronal onsets.
Following coronal onsets, including /t/, /s/, and /ʃ/,
the mean F2 for /u/ is 2385 Hz. Following noncoronal onsets, the mean F2 is 1811 Hz. The acoustic data show that, in general, /u/ is quite strongly
fronted for Southern Californians.
Figure 3 presents the RD-Σ metric for each word
containing /u/, plotted against the mean F2 for that
word. F2 and RD-Σ are negatively correlated (Pearson’s r = –.496, p < .001), indicating that the closer
the tongue position for /u/ is to that of /i/ (resulting
in a lower RD-Σ), the higher the value of F2. This
correlation demonstrates that the fronting of /u/ is at
least partly the result of tongue fronting.
In order to assess whether /u/ has lost its lip
rounding, normalized F2 measurements were also fit

3. RESULTS
The present paper considers results for the fronting
of /u/; findings for the fronting of /o/ are similar.
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Figure 6: Relationship of F2 to lip protrusion
(LLP, r = –.113, p = .101) and tongue fronting
(RD-Σ, r = –.208, p < .01) for /u/, South Carolina
speakers.

Figure 4: Relationship of F2 to lip protrusion (LLP) for /u/, Southern California speakers.
r = –.042, p = .541.
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Figure 5: Histogram of normalized F2 measurements for /u/ by onset, South Carolina speakers.
Measurements taken at 25% of vowel’s duration.
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of the vowel space, with a small number exceeding
2500 Hz.
Figure 6 presents the relationship between RD-Σ
and lower lip protrusion with F2 for /u/, as produced
by speakers from South Carolina. It is observed that
F2 does not change as a function of lower lip protrusion (r = –.113, p = .101); tokens with high and low
values for F2 exhibit similar degrees of lip rounding, suggesting that acoustically fronted tokens are
not unround. As for the speakers from Southern
California, RD-Σ and F2 are negatively correlated
(r = –.208, p < .01), with fronter tokens exhibiting a
higher F2 than backer tokens. However, the correlation is weaker for the South Carolina speakers than
for the Southern California speakers, as a result of
interspeaker variation.

1000

Normalized F2 (Hz)

against z-score normalized lip protrusion measurements. If acoustic fronting of /u/ is the result of
lip unrounding, the degree of lip protrusion should
be lower for tokens with high values of F2 than
for tokens with low values for F2. The relationship between F2 and lip protrusion for /u/ is shown
in Figure 4. No correlation is observed (r = –.042,
p = .541), indicating that tokens that are acoustically
more front are not less round than tokens that are
acoustically more back. These findings therefore
suggest that the fronting of /u/ in Southern California is the result of fronting of the tongue, rather than
unrounding of the lips.

4. DISCUSSION
3.2. South Carolina

This paper has shown that the acoustic fronting of
/u/ in two varieties of American English is achieved
by fronting the tongue, rather than by unrounding
the lips. These findings are thus similar to those for
SSBE [16] and Scottish English [29], which likewise
show no unrounding for fronted tokens of /u/. However, the two varieties considered here differ with respect to the degree of interspeaker variability, which
will be discussed in detail in future analyses.

Acoustic results for speakers from South Carolina
are presented in Figure 5. As with /u/ in Southern
California, fronting of /u/ is more advanced in postcoronal environments, but the distribution of F2 in
South Carolina is far less bimodal. The mean F2 for
post-coronal /u/ is 2309 Hz, while the mean F2 for
/u/ in all other environments is 1923 Hz. Notably,
a number of post-glottal, post-velar, and post-labial
tokens of /u/ exhibit an F2 well past the centerline
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ABSTRACT
Most British English varieties are reported to have
two possible vowels in unstressed syllables: /ɪ/ and
/ə/. Such descriptions assume that variation in
unstressed vowels is categorical, that is, speakers
always aim for /ɪ/ or /ə/. This paper reports on a study
of unstressed vowels using a corpus of data from
Derby, UK. It investigates whether unstressed vowels
vary categorically between /ɪ/ and /ə/, or whether
intermediate variants exist. Through the comparison
of unstressed vowels represented by the spellings <i>,
<e> and <a>, I assess whether unstressed vowels
categorically reduce to either /ɪ/ or /ə/. It was found
that there was a significant three way difference in F2
across these three spellings. Whilst there was
considerable variation in the patterning of the three
spellings across speakers, the results suggest that for
some speakers unstressed vowels do not vary
categorically between /ɪ/ and /ə/.
Keywords:
acoustics,
categoricity, spelling

unstressed

vowels,

1. INTRODUCTION
Unstressed vowels are a complex and under
researched groups of sounds. There is a particular
inconsistency in the way that schwa is defined. Some
researchers use schwa in a phonetic sense [21], i.e. to
refer to a vowel of mid central quality, whether or not
that vowel is stressed. Others define schwa
phonologically [6, 10], describing a vowel that can
only be found in unstressed positions and is the
outcome of the neutralisation of other vowel
contrasts. The quality of this vowel itself can be
highly variable [2, 6, 12, 14], and in word medial
position it is in fact rarely realised with the mid
central phonetic position implied by the symbol /ə/.
Standard descriptions of English tend to describe
unstressed vowels as having one of three possible
qualities: /ɪ/, /ə/ and /ʊ/ [9, 18], with all other
differences said to be neutralised [7]. As /ʊ/ is less
common and more restricted in its occurrence [18] the
focus here is on the opposition between /ɪ/ and /ə/.
The vowels /ɪ/ and /ə/ are reported to contrast in
certain words e.g. Lennon and Lenin [21]. However
there has been very little empirical investigation into
the actual realisation of these vowel qualities. In
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addition, in standard descriptions there is an
assumption that unstressed vowels vary categorically
between two distinct qualities, and that no other
variants are possible.
This study thus investigates vowel quality
distinctions in unstressed syllables, examining the
extent to which there is a consistent and categorical
difference between /ɪ/ and /ə/. This is done through
comparison of unstressed vowels represented with
different spellings.
1.1 Why spelling?

As the varying definitions of schwa (in 1) do not map
neatly onto one another, defining schwa is
problematic. It is important to note though that vowel
quality in unstressed syllables is partly related to their
pre-reduced historical pronunciations. Although by
no means a perfect relationship, there is a link here
between the historical pronunciation of an unstressed
vowel and its orthographic representation [13].
Today, spellings are also observed to represent
different unstressed vowel qualities; it is generally
implied that <i> generally represents /ɪ/, <a>, <u> and
<o> represent /ə/, and <e> is variable between /ɪ/ and
/ə/ [11, 18, 22]. These spelling correspondences can
be observed most clearly where an unstressed vowel
has an equivalent unreduced full vowel in a cognate
word e.g. atom (/ˈatəm/) vs atomic (/əˈtɒmɪk/).
Therefore I take an alternative approach to
examining unstressed vowel quality differences, by
looking at differences between spellings. By taking
this approach, we distance ourselves from the
problem of how exactly to define schwa.
Additionally, as well as simply investigating the
extent of a distinction between /ɪ/ and /ə/, I also
examine differences between groups of vowels that
were historically different forms.
1.2 Unstressed vowels in Derby

The variety in focus is that spoken in Derby, a city in
the linguistic north of England. Like most British
dialects we would expect there to be a /ɪ/ and /ə/
distinction available in Derby. There is little known
about unstressed vowels in Derby specifically.
Docherty and Foulkes [4] transcribe the vowel in their
keyword HORSES with /ə/, rather than the more
commonly used variant in such suffixes in British

English: /ɪ/. This was an auditory impression rather
than based on an empirical investigation. It does,
however, suggest that backer variants may be used
where other varieties would use /ɪ/.
2. METHOD
2.1 Speakers

Data was taken from a sample of 26 speakers from a
corpus recorded in Derby [15]. All of the data used is
from spontaneous conversational speech.
2.2 Data measurements

2.4 Modelling of data

To test the effect of spelling on F1 and F2 linear
mixed effects analysis was used [1, 16]. Spelling,
preceding consonantal environment, and following
consonantal environment were modelled as fixed
effects, and speaker and word were modelled as
random effects (with by-speaker random slopes for all
fixed effects). The significance of effects was
obtained by a likelihood ratio test, where the model
was compared with and without the effect in question,
with separate models for each spelling pair.
2.5 Predictions

Vowel midpoint measurements of F1 and F2 were
collected automatically [8], and vowel boundaries
and formants were corrected manually [3, 19].
Measurements are reported as raw Hz values
respect of statistical models and in visualisations for
individual speaker data. Where the overall data is
visualised, normalised values are given following [5].
2.3 Token selection

The initial data sample included all lexically
unstressed vowels, excluding stem final vowels e.g.
commas, happy and vowels in suffixes e.g. boxes
This was because (a) unstressed vowels are known to
behave differently in stem final contexts [7], and (b)
<e> spellings would be vastly overrepresented in
suffixes, and I wanted to balance token numbers.
It was important to include only unambiguous
cases of reduced vowels, in order to ensure that the
target vowel was indeed a reduced vowel. The sample
of vowels was therefore restricted to cases where the
vowel was unambiguously reduced. This meant that
cases where a full vowel was also possible e.g. .g.
advice (in Derby, /ədˈvaɪs/ or /adˈvaɪs/). Such tokens
were excluded from the study. The decision to
exclude a word was made if any of the following
criteria were true:
1. The author had heard alternative pronunciations
with a vowel other than /ɪ/ or /ə/ e.g. /a/ in advice,
/i/ in electronic
2. An alternative full vowel was given in the
Longman pronunciation dictionary [22]. e.g. /ɛ/
in orchestra
3. The vowel was clearly pronounced with a full
vowel on at least one occasion within the corpus,
e.g. /ɛ/ in exam.
The final data set included vowels represented by
<a> (n=792), <e> (n=805) and <i> (n=584).
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The central question asked is whether unstressed
vowels vary categorically between only /ɪ/ and /ə/. If
this is the case it was predicted that there should be a
clear two way difference across the three tested
spellings. Based on the perceived link between
spelling and pronunciation noted in 1.1, a clear and
consistent difference between <i> and <a> would be
expected. If no consistent differences are observed
across the spelling groups this would indicate that
there are no vowel quality differences in unstressed
syllables in this variety. If there is a three way
difference across the spellings this would indicate that
there are additional differences and that unstressed
vowels do not vary categorically between only /ɪ/ and
/ə/.
3. ANALYSIS
The main focus of this paper is F2. This is because the
spellings largely overlap in F1 and do not have clearly
distinct distributions; average F1 for each spelling is
very similar (<a>=463 Hz, <e>=415 Hz, <i>=434
Hz). Although <a> has a slightly higher F1 than <e>
and <i>, this is only apparent when an interaction
between spelling and duration is also considered in a
mixed effects model (p<0.0001). This is a positive
interaction, meaning that <a> spellings have
somewhat higher F1 values but only in vowels of
relatively long duration. This F1 difference is
consistent with what is predicted if /ɪ/ and /ə/ are
distinct. That it is only apparent in interaction with
duration indicates that the short durations of
unstressed vowels may be causing a lack of variation
in phonetic height. This is likely due to tongue body
raising caused by adjacent consonants. This means
that overall there was a lack of observable variation
in vowel height within these unstressed vowels. The
vast majority were realised as phonetically high.
Therefore, the rest of this section focuses on F2 as that
was where the majority of the variation lay.

We first present data from the whole data set,
followed by data for individual speakers.
3.1 Overall data

Figure 1 shows the density distribution for F2 over
the whole data set. The <i> spellings have a higher F2
than <a>, as predicted if they are generally
representative of the two different vowel qualities /ɪ/
and /ə/. Although there is a reasonable degree of
overlap between the two distributions, they appear
clearly separate, with distinct peaks in the density
distributions. The spread of the data is also similar
for both spellings, as evidenced both in the density
distributions and the standard deviation for both
groups (<a>=0.168, <i>=0.152)
Figure 1: Normalised F2 density distributions by
spelling

This difference between <i> and <a> is significant
(p<0.0001). These results show that, as was predicted
if /ɪ/ and /ə/ are distinct, <i> is indeed fronter than
<a>.
<e> is intermediate in F2 between <a> and <i>,
suggesting that unstressed vowels may not pattern
exclusively with either /ə/ or /ɪ/. <e> is significantly
lower in F2 than <i> (p<0.01) and significantly higher
in F2 than <a> (p<0.0001). This is what would be
expected given that <e> is suggested to be variable in
unstressed vowel quality. However this does not tell
us whether this intermediate distribution derives from
a mixture of tokens that pattern with <a> and <i>, or
whether <e> is genuinely intermediate between <a>
and <i>. However, the distribution of <e> does not
show strong bimodality, and the spread of data
(normalised SD=0.181) is comparable to <a> and
<i>. These results certainly suggest the possibility
that there may not be a categorical two-way
difference between two vowel qualities in unstressed
syllables [20].
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3.2 Data from individual speakers

Figure 2 shows that the F2 differences between <a>
and <i> found over the whole data set are also found
for the individual speakers. All but one of the 26
speakers (speaker 15) have a clear difference in the
F2 distribution of <a> and <i>. The size of this
difference is variable but only speaker 15 has
distributions which are largely overlapping.
Compared to the uniformity across speakers in the
relationship between <a> and <i>, there is much more
variation in terms of the relative position of <e>.
Some speakers’ <e> tokens pattern with <a> (e.g.
speaker 1) and for some they pattern with <i> (e.g.
speaker 25). There are also many speakers for whom
<e> tokens do not pattern neatly with either group
(e.g. speaker 13). Instead, for these speakers <e>
appears intermediate between <i> and <a>.
Importantly, for these speakers it is not necessarily
the case that these <e> spellings are a clear mixture
of two separate categories. For some speakers these
tokens look genuinely intermediate, as evidenced in
unimodal distributions and a similarly size spread of
data to <i> and <a>. We cannot definitively say that
these speakers have an intermediate variant between
/ɪ/ and /ə/. However, the variable and often
intermediate status of the <e> tokens suggests that the
relationship between /ɪ/ and /ə/ is not straightforward,
and we have not been able to find evidence that all
unstressed vowel tokens are categorically /ɪ/ or /ə/
across all speakers.
4. DISCUSSION
The fact that there are differences between spellings
provides empirical support for the fact that there are
distinct vowel qualities in unstressed syllables. The
backer vowel quality for <a> compared to <i>
evidenced in F2 values is as was predicted, given the
general observation that <a> tends to represent /ə/ and
<i> represent /ɪ/. The fact that we find a consistent
difference between these spellings for all but one
speaker suggests that the distinction between /ɪ/ and
/ə/ is present in the variety of English spoken in
Derby. The positive interaction between F1 and
duration for <a> spellings is also consistent with
speakers aiming for different vowel heights for the
two spellings.
By contrast, the great variability between speakers
for <e> suggests that the situation may not be as
simple as all vowels categorically varying between
two vowel qualities. It suggests that, although often
overlooked, unstressed vowels can be an interesting
source of speaker variation. Furthermore, the fact that
some speakers have a three way difference between
spelling, with <e> falling intermediately of <a> and

Figure 2: F2 (Hz) density distributions by spelling for individual speakers
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<i> suggests that there may be additional variation
other than a simple distinction between /ɪ/ and /ə/. It
is likely that for some speakers unstressed vowels do
not vary categorically between only /ɪ/ and /ə/. Note
that the F2 values here correspond to what the order
of F2 would be for the expected full vowels, i.e. /ɪ/ for
<i>, /ɛ/ for <e>, and /a / for <a>.
4.1 Why the intermediate position of <e>?

There are three possible reasons for this pattern.
1) Influence of orthography
Some speaker’s pronunciations could be influenced
by the orthography of the unstressed vowel [17].
However, this explanation seems somewhat unlikely,
given that the data was from spontaneous speech. In
addition, if speakers were influenced by what would
be the full vowel, it would be expected that the given
vowels would be sometimes realised as full vowels
(e.g. vowels spelt with <a> realised with /a/),
However this cannot have been the case as only
unambiguously reduced tokens were included, where
no full vowel pronunciations were possible.
2) Phonetic analogy with related cognates
It is possible that when producing a reduced vowel
speakers make connections with other related words
e.g. prefer, preference. This would mean that through
their association with the related word, and the
general relationship between spelling and vowel
quality, spelling might have an indirect effect on their
pronunciation. Unfortunately in the data here, it was
not possible to test this particular hypothesis, as only
125 out of 2181 tokens had such a cognate word
where the equivalent vowel was stressed. However,
this in itself shows that this explanation in itself is
unable to account for all of the data.
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3) Incomplete neutralisation of full forms
For the reasons given above, this is the most likely
explanation. This would mean that although reduction
has taken place, the neutralisation of the differences
between historical different full vowel qualities has
not been completed.
Therefore the spelling
differences found may be an indirect effect of the fact
that historically these spellings would have
represented different vowels. Although it is not an
exact relationship we can assume that the spelling of
reduced vowels is a general indicator of their
historical pronunciation [l3]. In this sense, any
possible relationship between current reduced vowel
quality and historical full vowel quality may actually
be stronger than what is indicated purely by looking
at spelling.
5. CONCLUSION
We have provided empirical evidence for a
distinction between /ɪ/ and /ə/ and shown that this
mainly manifests itself in F2, and for vowels of longer
duration, in F1 also. However the idea that in
unstressed vowels only /ɪ/ or /ə/ is possible may be an
oversimplification. In reality the situation is more
complex and there is much interspeaker variation in
the way that unstressed vowel qualities pattern. The
data also suggests that, for at least some speakers,
unstressed vowel quality does not just vary
categorically between /ɪ/ and /ə/, and that there are
further differences which are suggestive of
incomplete neutralisation of historical full vowel
qualities.
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ABSTRACT
The articulatory interpretation and transcription of
lower-vocal-tract sounds in Caucasian languages has
long been a source of confusion. The Russian literature, notably by Kibrik and Kodzasov, provides insight into the auditory distinctions in Archi, Agul, and
Dargwa, among others. However, the model of vocal
tract articulatory function and the experimental techniques available in their time lacked precision in identifying the laryngeal and pharyngeal strictures and
movements responsible for laryngeal/pharyngeal
sounds. We reinterpret the pharyngeal, epiglottal, and
pharyngealized contrasts in Caucasian languages using a model of laryngeal articulation that specifies degrees of laryngeal constriction, vibratory effects, and
larynx height parameters. We focus on Archi, Agul,
and Dargwa languages Mehweb and Shiri. Phonetic
categories in the earlier inventories are assigned remapped articulatory definitions. The Russian researchers’ observations of degrees of epiglottis lowering are seen as an indication of the laryngeal articulatory mechanism constricting, with larynx raising,
to form constriction.
Keywords: Caucasian, laryngeal, pharyngeal, epiglottal, pharyngealization.
1. LOWER-VOCAL-TRACT PHONETICS
1.1. General lower-vocal-tract research background

Early work at UCL [17] drew a relationship between
increasing constriction and ventricular activity, and
Sapir & Swadesh described Ahousaht Nuuchahnulth
pharyngeals as ‘laryngealized glottals’ [26]. Jacobsen
[16], citing Sapir, called Nuuchahnulth /ʕ/ a ‘pharyngealized glottal stop’. Gaprindashvili [13] described
a ‘pharyngealized glottal stop’, and Kodzasov [21]
described a ‘strong glottal stop’ in Nakh-Daghestanian languages. All of these descriptions imply a
component added to glottal stop somewhere above
the glottis. Hockett [15] recognized that ‘a complete
closure can be made in the lower pharyngeal region’,
and characterized /ʕ/ as a ‘pharyngeal catch’ in Arabic, in parallel to ‘glottal catch’ [ʔ], but he assumed
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the tongue root closed against the rear pharyngeal
wall. Catford’s term, ‘epiglottopharyngeal’ [3] implies stricture deeper than the lingual pharynx. Later
laryngoscopic research identified the sphincteric action of the aryepiglottic folds in airway closure [28].
Roach observed that some glottalized consonants are
‘made with closure not only of the true vocal folds but
also of the false vocal folds and the aryepiglottic
folds’ [25]. Gauffin specified that protective airway
closure by sphincteric laryngeal tightening constricts
‘larynx tube opening’ [14]. These lines of evidence
point to full aryepiglottic closure as the maximum
stricture in swallowing or gagging, and as a speech
sound. Catford termed this full closure a ‘pharyngealized glottal stop’ or ‘strong glottal stop’ in languages
of the Caucasus, a ‘pharyngeal stop’ in Chechen [5],
and a ‘ventricular (plus glottal) stop’ [4].
1.2. A revised lower-vocal-tract model

Phonetically we term this full engagement of the laryngeal sphincter an epiglottal stop. Experimental investigations of the lower vocal tract over the past 20
years have resulted in a model that defines the articulatory functioning of the laryngeal constrictor mechanism, with degrees of closure of its various parts
from open to fully closed [8, 9]. The model defines a
range of manners of articulation: fricative, approximant, tap, trill; glottal stop, ventricular stop, epiglottal stop; concomitant phonatory vibrations; and moderating larynx height adjustments to alter resonance
quality. Rather than specifying different places in the
pharynx where articulations are made, this scheme
identifies a single lower-vocal-tract stricture point,
compressing and eventually shutting for stricture and
unfolding for opening. We use this mechanism in reinterpreting the sound-symbol associations in the
Caucasian phonetic inventories.
2. CAUCASIAN PHONETIC DESCRIPTIONS
2.1. Early Russian research on Caucasian phonetics

Russian research has identified lower-vocal-tract
consonantal articulations, syllabic properties, and

secondary vocalic qualities that characterize the languages of the Caucasus [18, 19, 20]. Kibrik and Kodzasov’s schema (Table 1) compares glottal state with
observed epiglottal lowering (and lingual retraction).
They list 20 languages having a 4-way laryngeal/pharyngeal opposition: /ʔ h ʕ ʜ/. Budukh adds
/ʡ/; Burshag and Burkikhan Agul add /ʡ Ř x̌/; Richa
Agul adds /Ř x̌/. Each phonemic category is given an
expanded, qualified phonetic description for each language.
Experimental methods to image the lower vocal
tract were not available to assist in the identification
of categories established in early Russian research.
The schema in Table 1 presumed the epiglottis to be
an indicator, if not an articulator. Its increasing lowering below ‘upper’ (uvular) indicated tightening in
the pharynx, together with tongue backing for ‘middle’ (pharyngeal sounds). The assumption was for
‘lower’ (epiglottal) sounds to be accompanied by general tension in the pharyngeal walls, perhaps with
generalized laryngeal lowering.
Table 1: Kibrik and Kodzasov’s diagram and
table (translated) for describing Caucasian ‘laryngeal sounds’: row 1: ‘glottal laryngeals’,
rows 2-3: ‘emphatic laryngeals’ [18, p. 312].
Articulation zones of the pharynx
A = upper [zone] (uvular sounds)
Ƃ = middle [zone] (pharyngeal sounds)
B = lower [zone] (epiglottal sounds) ➝
➝ rows 2 and 3 in table below

Vocal folds

Closed

Adducted Abducted

Epiglottis
Neutral position
Moderately lowered
Strongly lowered

ʔ
ʡ
ʔ˭

c

ʕ

h
h̶
ʜ

For all languages, [ʔ h] were defined as ‘plain
(glottal) laryngeals’. [ʔ] could be ‘strongly occluded’
or ‘weakly occluded’. ‘Pharyngeal’ and ‘epiglottal’
places of articulation were identified for many languages, and uvulars were viewed as having more or
less deep localization in the upper pharynx, sometimes replaced by or varying with pharyngeals. [Ř x̌],
specific to the three Agul dialects, were defined as
pharyngeal spirants (fricatives), produced by narrowing the pharyngeal passage at the level of the tongue
root, presciently described in 1986 as ‘a sphincteric
compression of the pharynx’ as well as ‘a strong retraction of the tongue body’ [20]. ‘Epiglottals’ (traditionally ‘emphatic laryngeals’) were seen as produced
by displacing the epiglottis backwards and downwards, resulting in narrowing the lower pharynx and
covering the laryngeal inlet. The term ‘pharyngeal’
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was viewed as ambiguous, since different authors applied it variably to zone A, Ƃ or B. This is a telling
observation, suggesting that the pharyngealization
mechanism was not yet well understood but that its
auditory presence pervaded all lower-vocal-tract
zones that existed at the time.
Voiced [ɦ] in row 1 and [ɦ̶] in row 2 were identified as possible voiced variants of ‘aspiration’ (of [h]
and [h̶], respectively). The voiced [c]2 in row 2 was
described as a glide, while all three elements in row 3
were classified as ‘obstruents’. [ʕ ʜ] were identified
as ‘spirants’ (i.e. fricatives). It is safe to say, based on
Kodzasov’s and Catford’s writings, that rows 2 and 3
were viewed as fundamentally glottal-laryngeal, with
observed increases in ‘strength’ of lingual and epiglottal retraction/lowering corresponding to auditorily ‘deeper’ sounds. Row 3 values were held to differ
in degree from row 2 values, potentially varying allophonically but not contrasting phonemically in any
one language. In Burshag and Richa Agul (also
Inkhokvari and Chirag Dargwa), a laryngeal quality
accompanying vowels and sonorants in certain lexical
items was called ‘compressed voice’, described auditorily as ‘hoarse-gravelly’ («сиплый») and ‘tense’
[18, 20].
In Burkikhan Agul [18, p. 340], ‘emphatic laryngeals’ [ʕ ʜ] are realized in all positions within a word
as ‘obstruent spirants’; [Ř x̌] originate from pharyngealized uvulars, ‘middle’ [Ř] effectively alternating
with ‘lower’ [ʕ]; and [x̌] is produced with more noise
than [Ř] [20]. Voiceless [x̌] therefore fills the slot of
/h̶/, equivalent to IPA [ħ], and in contrast to /ʜ/.
Burkikhan Agul in the UCLA archive [27] includes
sounds transcribed as /ʕ ħ ʜ ʡ/: [ʕ] as a voiced pharyngeal fricative (or approximant, since [ħ] is called a
voiceless pharyngeal fricative); [ʜ] as an epiglottal
fricative; and [ʡ] as an epiglottal stop; although not all
distinctions have been attested as phonemic in recent
Russian fieldwork. Generally, in Northeast Caucasian
languages, distinctions are not so much a phonemic
issue as whether there is pharyngealization on the root
and whether the word is native or borrowed. In a pharyngealized root, the more extreme phonetic variants
from Table 1 are realized. These may include [ʡ] for
the stop and [ʜ] for the fricative; although no [ʢ] symbol was included in Table 1 in parallel to [ʜ] and in
contradistinction to [ʕ ħ].
2.2. Recent Russian research on Caucasian phonetics

Archi [1] has glottals /ʔ h/ in plain roots (/baʔbos/ ‘to
kiss’, /barhas/ ‘to babysit’) and in pharyngealized
roots (/ʔiˤʔuˤbos/ ‘to crow’, /haˤht’i/ ‘breath’), where
the glottals take on pharyngeal characteristics: more
strongly constricted [ʕ ħ]. Archi ‘epiglottals’ are a
fully constricted stop (/raʡ/ ‘dishes’) or glide [ʕ̝]

(/baʡaj/ ‘ram’), and a pharyngeal fricative (/ħubus/ ‘to
growl’) or slightly trilled [ʜ] (/ħiħibos/ ‘to neigh’)
[audio embedded].
Shiri Dargwa [2] demonstrates the enhancing effect that pharyngealized roots (symbolized as /ˤ/ on
the vowel) bring to glottals, rendering /ʔ/ in /ʔatːa/
‘father’ as [ʡ] in /ʔaˤt’a/ ‘frog’, and /h/ in /habaxiʒ/ ‘to
go up’ as a pharyngeal fricative ([ħ] with variable
quality, possibly with trilling) in /haˤrhaˤ/ ‘arrow’.
Other examples of the strengthened stop [ʡ] are: /duˤʔ/
‘wilderness’, /ʔaˤrʔaˤ/ ‘hen’, /ʔuˤrʔni/ ‘hens’; and of
derived pharyngeal [ħ]: /huˤlkːa/ ‘flat cake’.
Mehweb Dargwa [7, 24] also illustrates how root
pharyngealization, word position and lexical origin
influence the strength of stops and laryngeally constricted continuants. In native roots, [ʔ] may or may
not surface before an initial vowel and intervocalically. If so, it is weak (/(ʔ)a/ ‘colostrum’). A final /ʔ/
can be stronger (/muʔ/ ‘back’). In the context of pharyngealized vowels, /ʔ/ yields a weak epiglottal stop or
approximant (/ʔaˤt’a/ ‘frog’, /ʔoˤri/ ‘hare’). A stronger
epiglottal stop [ʡ] appears in several non-pharyngealized roots such as /ʡala/ ‘behind’ or an Avar borrowing /ʡat’/ ‘flour’. Mehweb contrasts glottal /h/
(/warhi/ ‘cloak’) and pharyngeal /ħ/ (/q’aħa/ ‘turnip’).
The latter can increase in laryngeal constriction, possibly with larynx raising as [ʜ], especially in pharyngealized roots (/daˤħ/ ‘face’, /doˤrħo/ ‘cub’), resulting
typically in a flat spectrum between 1–3 kHz and peak
at 3–3.5 kHz (vs. a deep valley above 1 kHz and peak
at 2.5 kHz for [ħ]). Another option for strengthening
a pharyngeal is aryepiglottic trilling, which may appear, depending on the speaker, in non-pharyngealized roots only (/meħ/ ‘two handfuls’), or sporadically in both contexts (cf. /doˤħi/ ‘snow’), or not at all.
Huppuq Agul glottals in /ʃeʔ/ ‘thing’ and /buhu/
‘owl’ contrast with pharyngeal stop (or trill) in /ʡub/
‘rope’, approximant in /myʕ/ ‘bridge’, and fricative in
/ħur/ ‘flour’. Aryepiglottic trilling occurs variably (by
speaker) in voiced or voiceless contexts.
3. REVISED CAUCASIAN PHONETIC
DESCRIPTIONS
3.1. The nature of laryngeal constriction

We replace earlier assumptions of lingual/epiglottal
stricture in the pharynx with a model of aryepiglottic
laryngeal constriction with concomitant lingual and
larynx-raising effects. As the laryngeal articulator
mechanism tightens, lingual retraction and larynx
raising increase, producing pharyngealization or
pharyngeal/epiglottal consonants. This is the articulatory ‘paradox of the larynx,’ since the two primary
articulators (tongue and larynx) approach each other
during increasing laryngeal constriction instead of
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both moving downwards. The epiglottis-lowering
concept in Table 1 is thus reinterpreted to represent
laryngeal articulator constriction, with increasing
tongue retraction, and (normally) larynx raising.
The model offers multiple parameters that can
combine to account for the distinctions that occur in
the lower vocal tract [12, 23]. Our first premise is that
(a) aryepiglottic stricture is the primary agent of laryngeal constriction, that pharyngeal and epiglottal are
not separate places of articulation, and that distinctions are a matter of degree of stricture. Since tongue
retraction and larynx raising inherently accompany
laryngeal constriction, (b) the tongue retracting into
the pharynx can be a parameter affecting sound quality, and (c) voluntarily altering larynx height will also
substantially affect the resonance properties of the
sound. Finally, (d) increasing laryngeal constriction
normally increases the potential for aryepiglottic
trilling to occur, unless competing contrasts proliferate in the laryngeal region (which they do in Caucasian languages, therefore requiring elaboration of potential combining parameters); and (e) pitch is a parameter that influences how constriction and larynx
height are perceived auditorily, although it plays less
of a role in languages with pharyngeal consonants
than in those with tonal register [12].
3.2. Reinterpreted articulatory categories

Since the tongue is not the primary articulator in the
lower vocal tract, and the epiglottis is not the agent of
airway closure, we must reinterpret Table 1. The
‘zones of the pharynx’ are therefore not increments of
lingual retraction or epiglottis lowering per se, but reflexes of the folding action of the laryngeal articulator. Pharyngealization in any of the 3 zones results
from laryngeal articulator action. Zone A may yield
pharyngealized uvulars. Zone Ƃ is not an accurate
representation of pharyngeal articulation (Ƃ and B being a function of the laryngeal articulator) and is
therefore redundant. Zone B represents the aryepiglottic folds tightening forwards and upwards beneath
the epiglottis, with tongue retraction and larynx
height displacement. Kibrik and Kodzasov [18] were
correct in their auditory interpretation of progressive
degrees of pharyngealization, ultimate closure being
in the lowest region of the vocal tract. The observational methods available at the time gave an accurate
impression of one element of laryngeal constriction,
i.e. concomitant tongue retraction. But the essential
element of pharyngealization is aryepiglottic sphinctering, with the tightest phase being full closure, normally with the larynx fully raised [8, 11, 12]. We thus
find an earlier formulation by Kodzasov in [19] more
accurate, referring to the ‘supraglottal passage’ being
open vs. narrowed.

3.2.1. Stop categories
Table 1, Column 1 accurately portrays the sequential
adduction of the laryngeal constrictor as a whole to
generate glottal stop [ʔ], reinforced (ventricular) stop
[ʔ̝], and epiglottal stop [ʡ] (in IPA notation [10]). Table 1 depicts the progression correctly, and also the
fact that only two phonemic contrasts will occur,
whatever gradations along the continuum may occur
phonetically. The notion, however, that the epiglottis
actively descends to accomplish closure is not accurate. In fact, the arrow at B in the diagram should be
pointing the other way, to represent aryepiglottic
compression of the epilaryngeal tube and progressive
closure of the airway. And Ƃ can be combined as a
function of aryepiglottic epilaryngeal tube compression. Burkikhan Agul, described in [22, p. 38, 167–
170] and archived in [27], illustrates clear examples
of epiglottal stop [ʡ].
3.2.2. Continuant categories
Two other elements of laryngeal constriction give the
continuant sounds identified in Table 1 the freedom
to exhibit varied resonance/noise or vibratory characteristics: by variation in larynx height or by trilling of
epilaryngeal (supraglottic) tissues within the laryngeal articulator. One way pharyngeal fricatives can be
differentiated is to contrast resonances by adjusting
larynx height. It is entirely possible that the ‘middle
zone’ pharyngeals and the ‘lower zone, moderately
lowered’ epiglottals have a lower (more open) larynx
position than sounds in the tightest (‘strongly lowered’) set, which may have the highest larynx position. A low larynx position yields lower spectral resonances, while a high larynx position increases them.
Without instrumental corroboration, the [x̌~h̶] set is
likely to have sounded/appeared higher in the pharynx because lowering the larynx does not engage the
laryngeal constrictor as much as when the larynx is
elevated. The ‘lowered’ [ʜ] likely sounded/looked
‘deeper’ because raising the larynx (and the high frequencies associated with reduced resonating spaces)
is the default position for the tightest, most extreme
constriction.
A second way to differentiate pharyngeal quality
is by adding a supplementary vibration source: aryepiglottic trilling at the top of the epilaryngeal tube.
In Caucasian languages, it is the less-tight [ħ] category that seems most often to attract enhanced aryepiglottic trilling, while the [ʜ] remains more tightly
constricted (with raised-larynx compression), inhibiting trilling. The voiced equivalents can have aryepiglottic trilling, but the contrasts seem more difficult
to realize when glottal voicing is present. The incidence of trilling on /ʕ/, and whether [ħ] or [ʜ] is
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trilled, can vary by language, environment, or individual speaking style. These elements of laryngeal
constriction are not entailments; they are available
options that can be exploited in a sound system by
virtue of ‘articulatory proximity’.
Thus, the notion that ‘epiglottal sounds’ are incrementally ‘deeper’ is accurate if reinterpreted to describe progressive aryepiglottic tightening of the constrictor mechanism, which incrementally engages
tongue retraction (lowering at the back) and larynx
raising. The portrayal of ‘epiglottis lowering’ (Table
1, В) also presages the action of the laryngeal constrictor, but the direction should be turned upwards to
be opposite to tongue retraction. The introduction of
laryngeal constrictor behaviour also allows the possibility of aryepiglottic trilling to be added to key
sounds. The occurrence of ‘compressed voice’ or
‘hoarse-gravelly’ ‘tense’ voice on a pharyngeal or
neighbouring vowel can also be accounted for by the
propensity for epilaryngeal vibration to occur under
certain conditions of laryngeal constriction. The fact
that [x̌] may have ‘more noise’ could also be a function of the incidence of aryepiglottic trilling.
The voiceless pharyngeal continuants in Agul
symbolized as pharyngeal /ħ/ (earlier [x̌] or [h̶]) can
be described, using our revised terminology, as a
voiceless pharyngeal (aryepiglottic) fricative with
lowered larynx (expanded lower cavity resonance),
with the potential for aryepiglottic trilling. The more
constricted fricative symbolized as epiglottal /ʜ/ is a
voiceless pharyngeal (aryepiglottic) fricative with
raised larynx. In some data sets [27], or for some
speakers, both can be trilled. Otherwise, only /ħ/ is
trilled. The voiced pharyngeal approximant /ʕ/ in
Agul is slightly trilled in some examples [27]. In
some formulations [3], /ʜ ʢ/ have been represented as
trills for symbolic purposes. This derives from Catford’s auditory evaluation that /ʜ/ and /ʢ/ are more
‘genuinely fricative’ than /ħ/ and /ʕ/ [6]. But it is not
obligatory for either larynx-height posture of a pharyngeal to attract trilling more than the other. Since
aryepiglottic trilling mimics glottal phonation as a vibratory source, contrasting elements can differ between voiceless and voiced sounds.
The Archi, Agul, Mehweb and Shiri observations
demonstrate that the phonetic options for lower-vocal-tract contrast exploit the range of constrictive
movement of the laryngeal articulator, adding the parameter of enhanced vibration at the aryepiglottic
folds, and supplemented by quality changes induced
by producing pharyngeals with a lowered larynx posture vs. an elevated larynx posture. The critical factor
is to view acoustic shifts in pharyngeal quality as a
function of the degree of laryngeal articulator stricture (folding) and to interpret vibratory effects as a
function of the propensity of the aryepiglottic folds at
the top of the epilaryngeal tube to vibrate.
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ABSTRACT
This paper presents an acoustic analysis of the vocalic
system of Volga Tatar, an understudied Turkic
language of Russia exhibiting front-back vowel
harmony, based on data from 27 native speakers
recorded in Tatarstan. The Tatar vowel system is
phonologically symmetric, with five [-back] and five
[+back] vowel phonemes. However, for many
phonemes, the phonetic realization does not reflect
the clean symmetry of the phonological system:
rather than being equally dispersed throughout the
vowel space, five of the ten phonemes are centralized,
crowding the center of the F2xF1 vowel space. As the
first large-scale spectrographic analysis of Tatar
vowels, this paper outlines the acoustic profile of each
phoneme, discusses selected allophonic alternations,
and examines the effect of word-level prominence on
vowel production.
Keywords: Tatar; vowels; stress; acoustics.
1. INTRODUCTION
Volga Tatar [ISO 639-3 code tat] is a member of the
Kipchak branch of the Turkic language family spoken
by 5 million speakers around the world [5]; its largest
community is located in the Republic of Tatarstan in
Russia [13]. Like many Turkic languages, Tatar is
known for its vowel harmony: backness harmony in
Tatar is well-attested and affects all the vowels of the
language, while rounding harmony is restricted to
mid vowels and has a disputed status (see [5][7][11]
for varying accounts of Tatar rounding harmony).
Work on Tatar phonology typically focuses on vowel
harmony, but despite this focus on vocalic processes,
no formal acoustic description of the Tatar vowel
system is available. The purpose of this paper is to
provide an acoustic description of Tatar vowel
phonemes across a wide cross-section of speakers.
Previous descriptions of the Tatar vowel inventory
do not agree about how many vowel phonemes exist
in Tatar; some report nine [3][11][13] and some ten
[5] (see Table 1). This discrepancy arises due to
differing treatment of the vowel /ɨ/, which is analysed
either as a VC sequence /əj/ [3] or as a single,
frequently diphthongized, phoneme /ɨ/ [5]. The
argument for the phonemic status of /ɨ/ rests on
parallel diphthongization of the high vowel /i/, as well
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[-back]
[-rnd]
[+rnd]
[+hi][-lo]
[-hi][-lo]
[-hi][+lo]

/i/
/e/
/æ/

/ʉ/
/ø/

[+back]
[-rnd]
[+rnd]

/ɨ/*
/ə/
/ɑ/

/u/
/o/

as established harmonic alternations between /i/ and
/ɨ/ [5]. This paper argues for independent phonemic
status for /ɨ/ on phonological and acoustic grounds.
While the Tatar vowel system is phonologically
symmetrical, exhibiting a satisfying balance between
front and back vowels, the phonetic distribution of
Tatar vowels is not so even. The four mid vowels and
/ʉ/ are highly centralized [5][11]; mid vowel
centralization hearkens back to the Volga vowel shift,
a historical change that reversed the high and mid
vowels in Volga Turkic languages [2]. Because of
this, the acoustic analysis is expected to reveal a high
degree of crowding in the centre of the vowel space.
This paper will also examine allophonic
alternations for /ɨ/ and /ɑ/. It is widely recognized that
the phoneme /ɑ/ has two allophones, a rounded
allophone [ɒ] surfacing in initial syllables and an
unrounded allophone [ɑ] in non-initial syllables
[3][5][11], while /ɨ/ undergoes diphthongization in
stressed syllables [5]. This paper will verify
acoustically what previous work has established
impressionistically, recording the acoustic qualities
of these phonemes and allophones and exploring the
influence of stress on Tatar vowel production.
1.1. Tatar vowel harmony

Backness harmony is widespread and well-described
in Tatar, while rounding harmony is disputed. In
backness harmony, the vocalic system is divided
evenly into two classes of five, such that allomorphs
with front vowels surface when the stem is front and
back allomorphs appear with back vowel stems. This
process is most consistent in lexemes of Turkic origin
and older loans from Arabic or Farsi, although many
disharmonic roots exist among loanwords. Recent
loans, particularly from Russian, introduce additional
vowels and frequently disobey harmony; due to high
levels of bilingualism, Russian loans generally
exhibit Russian phonology [5].
Previous descriptions of Tatar agree that Tatar mid
vowel sequences led by /o/ or /ø/ show unusual

behaviour; conflicting accounts ascribe this to
rounding harmony [7], phonotactics [11], and
gradient assimilation [5]. To avoid any confusion,
this work only examines initial /o/ and /ø/ and
instances of /e/ and /ə/ not preceded by /o/ or /ø/.

Figure 1: Tatar vowels (/ɨ/ restricted to unstressed
syllables to exclude diphthongized variant)

1.2. Tatar stress

Previous works agree that Tatar word-level stress
falls on the final syllable, with a few exceptions
controlled by morphology and syntax [3][5][11][13].
2. METHODS
Twenty-seven native Tatar speakers raised in
Tatarstan (26 F, 1 M; 18 – 68 years) completed a
sentence reading task recorded with a Lavalier
AT831b
lapel-mounted
cardioid
condenser
microphone and a Marantz PMD661MKII solid state
recorder in a quiet room in Kazan. Recordings were
digitized at 44.1 kHz and target vowels segmented by
hand in Praat [4]. The first two formants were
extracted at vowel midpoint with Praat’s LPC
algorithm; values were checked visually and
corrected by hand where necessary. For oftdiphthongized /ɨ/, additional formant measurements
were taken at 10, 20, 80, and 90% of vowel duration.
Log-additive regression normalization was applied to
reduce interspeaker variation [1]. Two linear mixed
models were used to determine the degree of
difference between vowels in SPSS v. 24.0.0.0 [6].
2.1. Stimuli

Thirty Tatar words provided samples of each vowel
in a variety of consonantal contexts, exemplified in
Table 2; all target words exhibit canonical, word-final
stress. Due to phonotactic restrictions and concerns
about rounding harmony, stressed /o/, stressed /ø/,
and unstressed /e/ were not included.
Table 2: Sample stimuli
Tatar
үрмəкүч
колак
сəке
ипи
урман

IPA
/ʉrmækʉɕ/
/qolɑq/
/sæke/
/ipi/
/urmɑn/

Gloss
‘spider’
‘ear’
‘plank bed’
‘bread’
‘forest’

Table 3: F1 & F2 means at vowel midpoint in
stressed and unstressed syllables by vowel
Phoneme
N=Stressed, Unstressed

/i/
/e/
/æ/
/ʉ/
/ø/
/ə/
/ɑ/
/o/
/u/
/ɨ/

N=220, 368
N=351, 0
N=524, 943
N=70, 217
N=0, 150
N=76, 77
N=492, 305
N=0, 187
N=75, 189
N=73, 136

Stressed
F1 (Hz)
F2 (Hz)
476.25
2584.40
539.11
1916.83
672.52
1977.73
494.47
1489.13
--545.91
1027.03
771.97
1392.64
--508.13
1345.96
515.88
1927.55

Unstressed
F1 (Hz)
F2 (Hz)
462.94
2565.53
--691.54
1990.17
469.46
1077.76
543.33
1742.22
533.57
1208.62
696.87
1110.46
567.28
1187.13
482.39
878.85
487.21
2285.63

3.2. Results of LMMs: Vowels

Two linear mixed models with dependent variables of
normalized F1 and F2 were used to confirm the
efficacy of F1 and F2 in distinguishing the ten vowels
across stress positions. A random factor of Subject,
fixed factors of Vowel (ten levels) and Stress
(Stressed vs. Unstressed), and a Vowel by Stress
interaction were included in each model. The factor
Vowel was significant in both models (F1 model: F(9,
4410.411) = 1188.224, p < 0.001; F2 model: F(9,
4410.795) = 2093.162, p < 0.001); Table 4 presents
the pairwise comparisons between vowels (with
Table 4: Pairwise comparison of factor Vowel
with Bonferroni correction. *** indicates p <
0.001, ** p < 0.01, and * p < 0.05. “NS” indicates
not significant. Cells right of the grey diagonal
correspond to F2; those left of the grey cells, F1.

3. RESULTS

/i/

3.1. Tatar vowel space

Figure 1 displays the Tatar vowel space occupied by
its ten phonemes (shown with 68% confidence
ellipses) [9]. Table 3 displays average formant values
(in Hz) at midpoint for each vowel, with separate
values for the stressed and unstressed variants.
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/i/
/e/
/æ/
/ʉ/
/ø/
/ə/
/ɑ/
/o/
/u/
/ɨ/

***
***
NS
***
***
***
***
***
***

/e/

/æ/

/ʉ/

/ø/

/ə/

/ɑ/

/o/

/u/

/ɨ/

***

***
**

***
***
***

***
***
***
***

***
***
***
***
***

***
***
***
NS
***
***

***
***
***
*
***
**
**

***
***
***
***
***
NS
***
***

***
***
***
***
***
***
***
***
***

***
***
NS
NS
***
***
***
***

***
***
***
***
***
***
***

***
***
***
***
NS
**

NS
***
*
***
***

***
***
***
***

***
***
***

***
***

NS

Bonferroni adjustment). Across the models, eight
vowel pairs failed to differ significantly with regard
to either F1 or F2; all vowel pairs were significantly
different in at least in one dimension (F1 or F2).

distribution of its rounded and unrounded allophones,
with stress falling on the non-initial, unrounded
allophone (in the stimuli used here).
3.3.1. High back unrounded vowel

3.3. Results of LMMs: Stress and Stress by Vowel

The main effect of Stress was significant in both
models (F1: F(1, 4410.167) = 69.039, p < 0.001; F2:
F(1, 4410.351) = 226.731, p < 0.001), as was the
Stress by Vowel interaction (F1: F(6, 4410.288) =
28.356, p < 0.001; F2: F(6, 4410.573) = 212.908, p <
0.001). Pairwise comparisons of the interaction with
Bonferroni adjustment indicated a significant effect
of stress on each vowel for either F1 or for F2, as
summarized in Table 5.

Stress triggers a marked change in the behaviour of
the phoneme /ɨ/, which diphthongizes under stress.
This change is reflected acoustically through F2
movement, as shown in Figure 3.
Figure 3: F2 values of Tatar /ɨ/ across five time
points in the stressed and unstressed conditions

Table 5: Significance (value of p) for pairwise
comparisons for Stress by Vowel interaction
/i/
/e/

/æ/
/ʉ/
/ø/

F1
<0.01
-<0.001
<0.01
--

F2
NS
-NS
<0.001
--

/ɨ/
/ə/
/ɑ/
/u/
/o/

F1
<0.001
NS
<0.001
<0.01
--

F2
<0.001
<0.001
<0.001
<0.001
--

F2 of stressed [ɨj] begins low, rises by vowel
midpoint, and remains high until offset. By contrast,
unstressed [ɨ] has a relatively steady F2, arcing neatly
from onset to offset with the highest F2 at midpoint,
as is typical for monophthongs. Stressed [ɨj] also has
a greater duration (M=99.70 ms; SD=34.061) than
unstressed [ɨ] (M=66.45 ms; SD=21.106), which may
have reinforced its propensity to diphthongize.

Figure 2: Stressed and unstressed Tatar vowels in
F2xF1 space with 68% confidence ellipses

3.4. Repulsive force
To confirm the visual impression of central vowel
space crowding given in Figure 1, the degree of
repulsive force between vowels was calculated using
the phonR package [9] in R [12]. Repulsive force is
calculated using the inverse squared sum of the
Euclidean distance between each vowel as a measure
of dispersion [8][17]. Higher values of repulsive force
Figure 4: Heatmap of Tatar vowel space

The direction of these effects is illustrated in Figure
2, which displays the F2xF1 space for stressed and
unstressed vowels (excluding /ɨ/, which is discussed
in 3.3.1, and /o/, /ø/, and /e/, for which both stressed
and unstressed measurements were not available).
Striking changes to the position and variability of
several phonemes emerge under stress. The high
round vowels /ʉ/ and /u/, in particular, exhibit far
greater variability when stressed, while the front
vowel /æ/ exhibits greater variability when stressed.
F2 of stressed /ə/ falls, pushing this variant toward the
periphery of the vowel space, while /ɑ/ shifts down
and forward under stress. For /ɑ/, the
stressed/unstressed division corresponds to the
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indicate greater overlap between phonemes [10].
Figure 4 (above) shows a heatmap displaying the
degree of repulsive force at each F2xF1 point in the
Tatar vowel space. In Figure 4, the greatest crowding
appears just forward of the centre of the vowel space,
particularly in the high-mid range, and central
crowding is not as pronounced as in the F2xF1 plot.

nine-phoneme inventory (1088 Hz difference,
p<0.001 in pairwise comparisons of Vowel by
Stress). Thus, acoustic evidence argues for inclusion
of /ɨ/ as a distinct phoneme. Phonological evidence
strengthens this argument. In the negative suffix
-/mI/, /ɨ/ alternates with /i/ with regard to harmony,
suggesting that these vowels occupy parallel
positions in Tatar phonology.

4. DISCUSSION
4.2. The impact of stress on the Tatar vowel space

The phonological structure of the Tatar vowel system
is symmetrical, with ten vowels evenly distributed
across three levels of height, two of backness, and two
of rounding. Phonetically, several Tatar vowels
congregate in the central vowel space; the centralized
mid vowels, alongside /ʉ/ and /ɨ/, contribute to
overlap and greater repulsive force just inside the
periphery. This central vowel space crowding
contradicts an established typological trend for
vowels to be evenly dispersed in the vowel space or
concentrated in the periphery [15], rendering Tatar
cross-linguistically unusual with regard to its vowel
inventory. This rare trait is due in part to the Volga
vowel shift, which reduced, centralized, and lowered
once-high vowels to modern /e, ə, o, ø/ and raised
historically mid vowels to /i, ɨ, u, ʉ/. The resultant
centralization may owe its preservation in part to
vowel harmony, which weakens the need for a clear
distinction in backness, since the value of [back] for
an entire word can be inferred from the initial vowel.
If this is true, we may expect to find similarly weak
F2 distinctions in other harmonizing languages,
including those without a historical centralization
process. [16] documents notable formant overlap
across phonemes in three such languages, Turkish,
Kyrgyz, and, to some degree, Kazakh, lending merit
to the idea that backness harmony weakens the need
for F2 to serve as a strong cue of vowel backness.
4.1. The phonological status of /ɨ/

Stress affects Tatar vowel articulation profoundly,
causing /ɨ/ to diphthongize and /y/, /u/, /ɑ/, and /ɨ/ to
shift their position within the F2xF1 space. But by
far the most dramatic change accompanying stress is
the increase in F2 variability exhibited by stressed
(but not unstressed) /u/ and /ʉ/. This may be due to
vowel harmony: since the value of the feature [back]
is specified for the word in the first syllable, and since
stressed vowels are always word-final, the value of
[back] and thus, the distinction between /u/ and /ʉ/
can be inferred from the first syllable of the word.
Thus, in multisyllabic words, greater variability in the
final syllable does not automatically result in a loss of
intelligibility.
4.4. Allophones of /ɑ/

Previous impressionistic accounts have proposed that
Tatar /ɑ/ alternates between an initial round allophone
[ɒ] and unrounded, noninitial [ɑ], corresponding in
the present stimuli to stressed [ɑ] and unstressed [ɒ].
(This division typifies the standard variety of Tatar;
degree of rounding in /ɑ/ is also a dialectal marker
that undergoes significant geographic variation [14].)
The present data confirm this assessment by
demonstrating that /ɑ/ is higher and more retracted
when unstressed, as visible in Figure 2, a change
compatible with the effect of lip rounding.
5. CONCLUSIONS

One major disagreement in earlier work on the Tatar
vowel system relates to the number of phonemes,
specifically whether the high back unrounded vowel
/ɨ/ consists underlyingly of one phoneme or two.
Standard Tatar orthography reinforces the perception
of /ɨ/ as a two-phoneme sequence by representing it
with two graphemes, biasing native speaker intuitions
on the question. Because of this, acoustic and
phonological evidence provide more reliable
arguments for phonemicity, and both plead in favour
of /ɨ/ as a phoneme. Acoustic analysis shows that
diphthongization of /ɨ/ occurs only in stressed
environments; when unstressed, /ɨ/ is monophthongal.
Furthermore, mean F2 of unstressed, monophthongal
/ɨ/ differs significantly from that of unstressed /ə/, the
phoneme proposed by [3] to fill the place of /ɨ/ in the
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This paper reports the first large-scale spectrographic
description of Tatar vowels and documents two
typologically unusual traits: crowding of the central
vowel space and dramatically increased F2 variability
among stressed high round vowels. Both are
potentially explainable by vowel harmony, which
pre-specifies the backness of all noninitial vowels.
This theory is supported by data from other
harmonizing languages displaying a weak F2
backness distinction [16].
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ABSTRACT

Figure 1: Map of the Finnmark North Sámi
speaking area. The circles indicate the places of
origin of the speakers. Color codes: blue – Finland, red – Norway, green – Eastern dialect and
orange – Western dialect.

We investigate the phonetic realization of a rare
ternary quantity contrast in an endangered FinnoUgric language, Finnmark North Sámi, and its Western and Eastern dialects. Its speakers frequently use
majority language, Finnish or Norwegian.
The three-way quantity contrast is assumed to be
realized by a progressive lengthening of a consonant and a compensatory shortening of the previous
vowel. We evaluate this assumption and compare the
durational patterns between the two dialects, as well
as possible influences of the majority languages.
We analyze durational patterns in material spoken by 10 native North Sámi speakers, varying in
both dialectal and majority language background.
The contrast between the short and the two longer
quantities was realized regardless of the dialect and
majority language influences. However, the durational differences between the two longer quantities
are significantly greater for the Eastern dialect and
the speakers from Finland compared to the Western
dialect and the Norwegians.

●
●

Ohcejohka

Karasjohka

●
Guovdageaidnu

●
Avvil

●
Soadegilli

Finnmark North Sámi.
We investigate the influence of dialect and majority language on realization of phonological quantity contrast in Finnmark North Sámi. Like several
other Sámi languages [4] as well some other Finnic
languages (e.g., Estonian [9]), North Sámi has
a three-way consonant quantity opposition, crosslinguistically an extremely rare typological feature
[6, 10]. We refer to the three quantity degrees as Q1
(short), Q2 (long) and Q3 (overlong).
In North Sámi, the ternary contrast centered in
the intervocalic consonant is manifested in bisyllabic word roots formed by a first stressed syllable
and a following unstressed one. These oppositions
have important grammatical functions, for example
marking the difference between singular nominative
and singular genitive. It is important to note that
the quantity oppositions in North Sámi are almost
always Q1 vs Q2 and Q2 vs Q3, see Table 1 for examples of contrasts used in this work.
It has been reported, that in North Sámi the duration of the consonant in various quantity degrees
is inversely related to the duration of preceding (first

Keywords: indigenous language, North Sámi,
quantity, duration
1. INTRODUCTION
North Sámi is an indigenous minority language belonging to the Finno-Ugric language family. With
approximately 25,000 speakers, it is the biggest of
the nine Sámi languages. We focus on one of its
three documented varieties, Finnmark North Sámi,
spoken in the northern parts of Norway and Finland [1], see Fig. 1. The Finnmark North Sámi is
traditionally subdivided to the Western and Eastern dialects with various phonetic and phonological differences including the realization of the quantity contrasts analyzed in this paper (see [13] for an
overview of the Sámi languages and dialects).
All Finnmark North Sámi speakers are at least
bilingual and are often educated primarily in the majority state language, Finnish or Norwegian. These
majority languages can thus be expected to exert additional influences on the phonetic characteristics of
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2. DATA COLLECTION AND METHODS

Table 1: Ternary length contrast in NS consonants

Q1 short
nama
‘name’GEN.SG
gili
‘village’GEN.SG

Q2 long
namma
‘name’NOM.SG
homma
‘task’GEN.SG
gilli
‘village’NOM.SG
golli
‘gold’GEN.SG

The data for this experiment was collected from 10
native speakers of North Sámi (age range 24–64,
median 32,5). Fig. 1 shows the places of origin of
the participants. All speakers are bilingual: 6 of the
speakers were Sámi–Norwegian bilinguals, and the
other 4 Sámi–Finnish bilinguals. Also 6 of the subjects (5 Norwegians and the Finnish speaker from
Soad̄egilli) represent the Western Finnmark dialect,
whereas 4 of them (3 Finnish and the Norwegian
speaker from Kárášjohka) had Eastern Finnmark dialectal background.
Four speakers were recorded in a sound treated
room at the University of Helsinki, the remaining
six in Avvil and Guovdageaidnu data collection sites
using a Zoom H2n recorder in quiet sites with good
room acoustics.
The collected data consisted of 37 different,
mostly disyllabic target words, with the following
structure: (C1)V1C2V2(C3). C2 was one of the
consonants d̄, l, m, n, N, s, v in one of the three quantity degrees. As North Sámi orthography does not
distinguish between Q2 and Q3 (short or long geminates), the target words in Q3 were in their noninflected form and the quantity was marked using an
apostrophe as in the last column in Table 1. The target words were presented in a randomized order and
embedded in a quotation form in phonetically controlled carrier sentences:

Q3 overlong

hom’ma
‘task’NOM.SG
gol’li
‘gold’NOM.SG

syllable) vowel in a compensatory manner [8]. Thus,
quantity oppositions in North Sámi is co-signalled
by the alternating duration ratios between the segments in the first two syllables rather than from the
intervocalic consonant centre alone.
We hypothesize that the majority language has an
influence on the production of quantity in Finnmark
North Sámi. The Sámi speakers from Norway might
be distinguishing the three quantity degrees less robustly (in terms of durational differences) compared
to the Finnish Sámi speakers, because of the typological differences between Norwegian and Finnish.
In Finnish, the (2-way) quantity contrast is used
to distinguish lexical meanings but also grammatical categories, for example kukka ‘flower’ NOM.SG
vs. kukan ‘flower’ GEN.SG (see, e.g., [5]). In Norwegian, length oppositions of vowels and consonants mainly distinguish lexical meanings, as for
pen /pe:n/, ‘pretty’ vs. penn /pen:/, ‘pen’, but are
not used to differentiate between morphological categories like in Finnish and North Sámi. As these
examples also show, the consecutive segment durations often alternate in Norwegian: long consonant
is preceded by a short vowel and vice versa [11]; this
phenomenon may also interact with the realization
of the complementary shortening in North Sámi.
There are some phonological and morphological differences between the Western and Eastern dialects of Finnmark North Sámi affecting segmental
durations. For example, the vowel lengthening patterns where in the Eastern dialects the first syllable short vowel is lengthened [12, 13]. Also it has
been stated that “[t]he Western dialects have retained
the phonological opposition between long and short
geminates, but the Eastern ones have transferred the
opposition to the vowels” [13].
This paper presents the results of a phonetic investigation on Finnmark North Sámi quantity and its
areal variation, focusing on a description and comparison of durational patterns of quantity in North
Sámi spoken in Finland and Norway, as well as in
the two dialectal areas.

Mun dajan “duvvá” dutnje od̄d̄asit.
‘I say “a dove” to you again.’
The recordings were annotated using Praat [3] and
the durations of the relevant segments – V1 and C2
in the present study – were extracted.
We evaluate the influence of quantity degree,
speaker’s dialect and the majority language of the
duration of the consonant C2, the previous vowel
and the ratio between these durations, C2:V1. For
each of these three measures, two mixed effect models were fitted, both with the logarithm of the measure as dependent variable. In one model, the independent variables were factors Q UANTITY (Q1, Q2,
Q3) and D IALECT (Eastern, Western), in the second one variables were Q UANTITY and M AJORITY
LANGUAGE (Finnish, Norwegian), in both case with
interactions. To address the possible differences between speaker and segmental material, speaker and
target word were treated as random factors. Some
of the estimates reported below were obtained by reordering the levels of the independent factors in the
models. R package lme4 was used to fit the models
[2].
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DIALECT)DIFFERENCES)

Figure 2: V1 and C2 duration estimates and t-values from the linear mixed model comparisons in Western (Orange) vs Eastern (Green) and Norwegian (Red) vs Finnish (Blue) North Sámi varieties. Both duration estimates as
well as quantity oppositions (Q1 vs Q2 and Q2 vs Q3) were compared between the areal varieties. t-values over
2.00
are statistically significant differences and are highlighted with a grey rectangle.
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duced consonants significantly longer in Q3 quantity than in Q2 (t = 2.84, 2.90, respectively), but
for the Western dialect and Norwegian speakers this
difference was not significant (t < 2). Importantly,
the interaction between Q2 vs Q3 contrast and D I ALECT / M AJORITY LANGUAGE was significant in
both models (t = 3.77 and t = 4.34, respectively).
This shows that the difference between durations of
Q2 and Q3 consonants was significantly greater for
Eastern dialect than for the Western dialect speakers,
and for the Finns compared to the Norwegians.

3.1. Consonant duration

Fig. 2 presents the estimates of consonant and vowel
durations (recalculated to milliseconds from the logarithmic scale) obtained from two fitted models with
D IALECT and M AJORITY LANGUAGE, respectively,
as independent factors.
The intervocalic consonant duration estimates are
plotted at the right hand side of the boxplots in
Fig. 2. Consonants were produced little over twice
as long in Q2 compared to Q1; the ratios vary from
2.14 for Eastern dialect to 2.20 for Western dialect.
The differences among consonant durations of the
same quantity degree were not significant between
the dialects (all t < 2), however, Q1 and Q2 consonants were produced significantly longer by the
Norwegians than by the Finns (t > 2). The duration
differences between Q1 and Q2 was significant for
both models (t = 8.25 for West, t = 7.83 for East,
t = 8.10 for Norwegians and t = 7.99 for Finns) for
D IALECT and M AJORITY LANGUAGE models, respectively.
The Eastern dialect speakers and the Finns pro-

3.2. Vowel duration

The estimates of the durations of the vowel preceding the consonant (see the left hand side of Fig. 2)
demonstrate the compensatory shortening associated with quantity. The duration of the vowels in
Q2 is approximately three thirds of the duration
of vowels preceding Q1 consonant (ratios between
0.68 for Eastern dialect and 0.79 for the Western
dialect). The shortening for Q3 is more varied; it
is most prominent for Eastern dialect speakers and
least prominent for Westerners (0.55 and 0.75 of duration Q1, respectively).
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4. DISCUSSION
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Our data show that the Q2–Q3 contrast in terms of
duration is significantly more robust for Finnish and
Eastern dialect speakers compared to the Western
dialect and Norwegian speakers, respectively. This
is the case for both consonant and preceding vowel
durations as well as for C:V ratio. The compensatory inverse relation between the vowel and consonant durations means that the sum of these durations
might be relatively constant. This would be consistent with a foot isochrony hypothesis but confirming
this will require analysis of all segments in a foot.
Evaluating the older observations mentioned in
Introduction (cf. [13], see also [8]), the Eastern
dialect speakers (and the Finns) co-signal the 3way quantity opposition by significant compensatory shortening of the preceding vowel but they
also realize the contrast by consonant duration differences (rather than shifting it towards vowel). In
fact, the Western dialect speakers, expected to “retain” the opposition between long and short geminates, actually realize this contrast to a measurably smaller degree. It is possible that this could
be explained by greater variability between speakers or other circumstances such as the issues with
the orthography, which does not differentiate between long and short geminates. Importantly, the
C2 durations in the three quantity degrees were not
significantly different between the dialects, which
could indicate that the dialectal differences are not
as prominent as for the V1 durations.
These results might indicate an increasing instability of the ternary length contrast (see, e.g., [10]) in
North Sámi potentially leading to language change.
The source of instability may be the effect of majority language. While we cannot directly investigate this effect due to the unbalanced corpus (only
one speaker in a Western dialect Finnish as well as
Eastern dialect Norwegian groups), our results are
compatible with this possibility. Comparing the estimates from the pairs of statistical models, the majority language influence on the contrast between Q2
and Q3 durations is numerically greater than that of
the dialect influence.
It is also possible that, given typological properties of the two majority languages, the phonetic realization of the contrast might be shifting toward other
means, such as fundamental frequency or intensity
(cf. [14, 7]). Adding these characteristics to future
analysis could bring new answers to the question of
the stability and variety of the ternary length contrasts in North Sámi.
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Figure 3: C2:V1 ratios estimates and t-values
from the linear mixed model comparisons in Western (Orange) vs Eastern (Green) and Norwegian
(Red) vs Finnish (Blue) North Sámi varieties.

Q3!

As these observations suggest, durations of vowels in the same quantity context were significantly
greater for Finns than for Norwegians, and with the
exception of the Q3 degree (t = 1.72), for Eastern
than for the Western dialect. For all studied groups,
the vowels were significantly shorter before Q2 and
Q3 consonants than before Q1. The duration difference between Q2 and Q3 context was, however,
significant only for Eastern dialect group (t = 2.09).
Similarly as for the consonants, the difference between Q2 and Q3 context was significantly greater
for Eastern than for the Western dialect speakers
(t = 5.14) and for the Finnish than for the Norwegian bilinguals (t = 3.07).
3.3. Consonant:vowel ratios

Predictably, lengthening of the consonants and simultaneous shortening of the preceding vowel leads
to the gradual increase of consonant:vowel duration
ratios. Fig. 3 shows the estimates of the ratios obtained from the models with the (logarithm of) ratio as a dependent variable. For the same quantity,
the ratios are significantly higher for the Norwegians
than for the Finns, and, with the exception of Q3, for
the Eastern than for Western dialect group. The ratios are significantly different between Q1 and the
longer quantity degrees for all groups. However, the
contrast between Q2 and Q3 is only significant for
Eastern dialect speakers and for the Finns. Again,
the difference between the ratios in these two long
quantities is significantly greater for Finns than for
Norwegians (t = 4.75), and for the Eastern dialect
group than for the Western dialect one (t = 5.97).
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ABSTRACT
1.2. Exceptions to the basic pattern

This paper focuses on reduced vowels in one of the
Munster dialects of Modern Irish, Gaeilge Chorca
Dhuibhne. In this dialect, lexical stress depends on
syllable weight: heavy syllables (i.e. syllables that
contain phonologically long vowels) attract stress; if
there are none, stress is initial. There exist exceptions,
one of them being peninitial stress in words with no
heavy syllables and the string /ax/ in the second
syllable. Instead of deriving this pattern from the
properties of /x/ in combination with /a/ as has been
done in much previous work, the paper argues for the
presence of a phonologically reduced vowel in the
first syllable. The paper argues that such vowels are
phonetically and phonologically different from
underlying full vowels that underwent a post-lexical
process of vowel reduction.
Keywords: Irish, stress, vowel reduction.
1. INTRODUCTION

There exist, however, numerous exceptions to this
rule. Some are caused by the morphological structure
of the word. Thus, some verbal inflection morphemes
exceptionally attract lexical stress, e.g. fógróidh (sé)
[foːgǝˈroːgj] ‘(he) will announce’, while others fail to
do so contrary, e.g. molaimíd [ˈmoləmjiːdj] ‘we
praise’; for more details on such cases, see [21]. Other
exceptions are lexical in the sense that the stress is
unpredictable and does not obey the general laws
outlined above. These are often found to exhibit
anomalous behaviour in other Irish dialects as well,
not only in the South, cf. tobac [tǝˈbak] ‘tobacco’ or
bricfeasta [brʲikˈfʲastǝ] ‘breakfast’.
Another class of exceptions seems to stem from
the fact that certain consonants contribute to syllable
weight. There are words with peninitial stress, where
the first and third syllables are light and the second
syllable contains a sequence /ax/, e.g. bacach
[bəˈkax] ‘lame; poor’ [20]. I’ll primarily concerned
with this type of exceptions in this paper.

1.1. Basic pattern of stress assignment
1.3. Exceptional /ax/

Gaeilge Chorca Dhuibhne (henceforth, GCD) is one
of the Southern (Munster) dialects of Modern Irish
spoken on the Dingle peninsula in Co. Kerry, Ireland.
According to the 2011 census, a total of 9,236 people
living on the peninsula speak Irish, of which only 707
use it daily outside the educational system.
Unlike most other dialects of Irish, where initial
stress prevails [8], primary lexical stress in Munster
Irish is weight-dependent and can occur on any of the
first three syllables [20]. Generally, heavy syllables
(H) contain a long vowel or a diphthong, and light
syllables (L) contain a short vowel. The basic pattern
of stress assignment is cited after [21] in (1) and is
schematised in (2), where X stands for a syllable of
any weight and brackets denote the repetition of a
syllable of the indicated type any number of times.
Below, I adopt the transcription used in [20]; see [9]
for an extensive list of examples and an OT-analysis,
which is not the focus of this paper.
(1) Word stress falls on the second syllable if it is
heavy, on the third syllable if it is heavy and the
preceding syllables are light, and on the first
syllable in all other cases.
(2) XˈHX(X) LLˈH(X) ˈX(L)
ˈHLH(X)
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Exceptional primary stress falling on a syllable
containing the sequence /ax/ in words like bacach are
already mentioned by Henebry [7]. Loth [13], who
worked on the Irish of Ballingeary in West Cork, is
apparently the first author to observe that:
 /ax/ can only be stressed in the second
syllable if not surrounded by long vowels;
 3rd person singular verbal suffix -adh in
conditional (conditionnel) or past habitual
(imparfait), pronounced as /ax/, is never
stressed unlike the nominal suffix -ach;
 in both nouns and adjectives with light
syllables and /ax/ in the second syllable, the
stress does not always fall on the second
syllable, probably due to some consonantal
clusters blocking its “forwarding” (cf.
cnocach ‘montagneux; hilly’ or fleascach
‘jeune homme; youth’).
Sjoestedt [23] points out that in two-syllable nouns
with a short vowel in the first syllable and ‑ach(t) in
the second, the stress is on the second syllable in all
cases when there is no /h/ or consonant cluster with a
plosive or a sibilant and /r/ before the suffix
‑(e)ach(t). Later, Blankenhorn [3] notes that the third

syllable with /ax/ does not attract stress. The approach
that derives such exceptional stress placement from
the properties of /ax/ and its inability to attract stress
from other segmental properties of the word is later
taken up in [1; 3; 4; 6]; details differ, however.
Gussmann [6] seems to be the first to suggest that
exceptional stress on /ax/ might be due to properties
of the vowel in the first syllable of such words.
However, he rejects the presence of a phonologically
reduced vowel there citing words like fathach ‘giant’
or lathach ‘swamp’ from West Muskerry, where
“some speakers stress the second syllable even in this
type of word” [16]. This possibility is later
entertained by Green [5], who uses the constraint
NON-HEAD(ə) penalising stress on an underlyingly
reduced vowel on a par with PKPROM [24] to account
for the special prosodic prominence of /ax/.
Iosad [9], following a conjecture by Ó Sé [20],
suggests that peninitial stress in words with /ax/ might
be synchronically due to the presence of a reduced
vowel in the first syllable of such words, not the
additional weight of syllables with /ax/ or any special
properties of the vowel in the second syllable, citing
the process of stress retraction that can occur in
Munster Irish (see below). He concludes that the
status of the vowel in the first syllable remains
unclear and leaves it for further scrutiny.
2. ANALYSIS
2.1. Proposal: Underlying schwa

Developing the conjectures in [5; 9; 20], I claim that
in words with exceptional stress on /ax/ in the second
syllable, the first syllable contains a phonologically
reduced vowel /ə/, which blocks the stress and makes
it shift to the second syllable. This approach diverges
from [5] in its treatment of /ax/. While Green argues
for both the schwa in the first syllable and a special
prominence of /ax/ in the second, I try to show that
the latter condition can be effectively dispensed with.
The former condition, however, is necessary to
provide a unified account of words with peninitial
stress on /ax/, adverbs of the type anseo [ənˈso] ‘here’
and inflected prepositions like agam ‘at me’ in their
emphatic form, agamsa [əˈgumsə] ‘at me!’, which
also do not allow initial stress (as well as words with
/a/ in the second syllable in the absence of /x/).
I also present evidence in favour of the view that
vowel reduction in GCD is not a unitary process:
while /ə/ is present in the lexicon, there also exists a
post-lexical process of vowel reduction.

present underlyingly, not a full vowel. We can then
expect this phonological /ə/ to be reflected uniformly,
providing a target for phonetic realizations; on the
contrary, phonetic variability would be expected of a
full vowel if it were present in the lexicon.
In 2014, I conducted a study with four speakers of
GCD in the Corca Dhuibhne Gaeltacht. The speakers
were presented with a reading questionnaire
consisting of 64 words inside the carrier-phrase
Scríobh se X ar an mbord ‘He wrote X on the table’.
X was replaced by words of the prosodic structure
LˈH(X) with various combinations of vowels in the
first and the second syllables. In the pronunciations
drawn from the questionnaire, measurements of
duration as well as of F1 and F2 for vowels of the first
syllable before stressed /a/ and long vowels were
performed manually using Praat [2].
The samples were tested for homogeneity using a
non-parametric Wilcoxon rank sum criterion; if the
distributions are not significantly different, then the
segments must belong to a single class. The most
significant results were shown by the division of
vowels before the low stressed /a/ and /ɑː/ vs. before
all other stressed long vowels, see Table 1 and a
boxplot for duration in Figure 1.
Table 1: Wilcoxon criterion values and p-values for
duration (sec.) and F1 (Hz) before low vs. non-low V

Speaker
1 t
F1
2 t
F1
3 t
F1
4 t
F1

W value
603.5
576.5
547
458
430.5
393
297.5
271

p-value
0,0000005452
0.005774
0,00001512
0.000656
0,000002665
0.0001414
0.0003465
0.004272

Figure 1: Vowel duration (sec.) in prestressed syllable
before low vs. non-low V across 4 speakers

2.2. Phonetic evidence

Let us suppose that in the first syllable of words like
bacach [bəˈkax], a phonologically reduced vowel is
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As Figure 1 demonstrates, the distribution of the
durations of vowels in the first syllable before /a/ and

/ɑː/ is more compact than before all other stressed
long vowels. The data also show that before stressed
non-low long vowels of the second syllable, different
short vowels are possible [a ɔ ʊ e ə]. Less variability
is found before the stressed /ɑː/, where only [ə ɔ ʊ]
are possible according to our data; see, however,
examples with pre-stressed [a] in [20]. Before the
stressed /a/, only the phonetic [ə] is possible, and all
cases behave uniformly (with respect to F1 and t,
whereas F2 is largely governed by the consonant
environment as expected, see [10]). This surface
distribution is compatible with the view that vowels
of the first syllable preceding low vowels (including
/a/) and those preceding other vowels represent two
different categories, and while in one case we are
dealing with an underlying /ə/, in the other case we
see the effect of post-lexical centralization and
reduction of full short vowels.
Another piece of evidence comes from another
study of the acoustic characteristics of GCD vowels
[12]. It shows that among unstressed vowels with
duration of more than 100 ms one encounters mid
vowels of spectral characteristics that cannot be found
under stress. Unstressed vowels whose schwa-like
formant characteristics remain stable even with an
increased duration are unlikely to have undergone
centralization caused by shortening, but probably
represent the phonological reduced vowel. As this
study shows, a similar phonetic behaviour with
respect to duration and quality is shown by vowels in
the first syllable of words with /ax/ and other
exceptions like anseo [ənˈso] ‘here’ etc.
2.3. Phonological arguments

The third argument is provided by the process of
stress retraction. It involves leftward replacement of
lexical stress in certain words when the distance
between the underlying stressed syllable in them and
the stressed syllable (trigger) in the immediately
following words within an intonational phrase is less
than two morae, cf. the word corcán [kərˈkɑːn] ‘pot’
in the phrase corcán mór [ˌkɔrkɑːnˈmuːər] ‘big pot’.
According to the field data collected in 2012–2016 on
the Dingle peninsula as well as examples in [20], all
words of the type Lax(X) forbid retraction, e.g.
bodach mór *[ˌbɔdəxˈmuːər] ‘bigwig’.
Vowel reduction neutralises the opposition in
vowel height, but stress retraction restores the quality
of the vowel. Thus, Bennett [1], who touches on this
issue, concludes that vowel reduction and stress
retraction are both post-lexical processes and that
stress retraction precedes vowel reduction. In words
like bodach, the ban on stress retraction contradicts
this ordering of processes. A way out of this stalemate
is to posit a phonologically reduced vowel /ə/ in the
first syllable of words where it cannot host the
retracted stress and where it surface behaviour
conforms to the pattern described in Section 2.2. This
allows to derive stress placement in words with /ax/
in the second syllable as well as in adverbs like anseo
[ənˈso] ‘here’ and inflected prepositions like agamsa
[əˈgumsə] ‘at me!’.
An analysis of GCD in OT-terms is not the focus
of the present paper, but it should be briefly noted that
the avoidance of stress on /ə/ could be modelled by a
constraint like NON-HEAD(ə) used in [5].
3. ALTERNATIVE APPROACHES

The first argument in favour of an underlying vowel
in the first syllable and against a special status of /ax/
is provided by words where stress falls on the first
syllable in spite of the presence of /ax/ in the second.
Not only do abstract names demonstrate such a stress
pattern [6], but there are also adjectives like cnocach
[ˈknʊkəx] ‘hilly’ with stress on the first syllable and
no consonantal cluster or any intervening segment to
hinder stress “forwarding”. Even if the generalization
with respect to /ax/ and its exceptional prominence is
true, this trend may be reversed in specific lexemes.
Second, in the course of the experiment described
in Section 2.2 it turned out that some words taken
from Ó Dónaill’s [17] dictionary were unfamiliar to
some participants, e.g. bogach ‘soft, boggy ground’,
paiteach ‘chubby little boy’. Subsequently, these
words were all excluded from consideration, but as
they uttered unfamiliar words the speakers always
stressed the first syllable. This suggests that the
prominence of the combination /ax/, which can easily
be inferred on the basis of spelling, is not constant.
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Approaches that rely on the properties of /ax/ itself
seem to face some challenges that the current
proposal allows to circumvent.
In Blankenhorn’s analysis [3], when found in the
coda, the consonants /s ʃ x/ extend syllable length but
not enough to make the syllable as long as one with a
phonologically long vowel. Therefore /ax/ is longer
than the first syllables if the latter does not contain
certain consonant clusters. It remains unclear why, if
this is the case, the combination of /ax/ but not /as/ or
/aʃ/ attracts exceptional stress and what determines
the effect of the consonant /h/, whose effect on the
duration of the syllable she calls immaterial but
which, according to [3; 23], blocks stress on /ax/.
The division of syllables into three categories
according to their weight—syllables with short
vowels, /ax/, and long vowels—is adopted by
Doherty [4] in his metrical analysis of stress. He
claims that syllables with /ax/ belong to the class of
light syllables but cannot be found in a weak position
within the trochaic foot. This analysis, however, has

difficulties coping with words of the structure LaxH
and also equates all words with /ax/ to each other.
Providing a similar metrical analysis, Gussmann
[6] discusses the problem of syllabification that all
such approaches face. The words bacach [bəˈkax]
‘poor (sg.)’ and bacaha [bəˈkaxə] ‘poor (pl.)’ both
have peninitial stress, although in the VCV position
one would expect the consonant to constitute the
onset of the second of the two syllables. As for the
words with a stressed /ax/ in the second syllable,
Gussmann attributes their behaviour to the properties
of the vowel /a/, which merely happens to precede the
spirant /x/ for historical reasons.
Bennett [1] argues for the prominence of /ax/
sequences and the special status of /x/. He cites three
pieces of evidence to support this view.
1. The vowel /a/ does not centralize in unstressed
position before /x/ in Ulster and Achill dialects, which
suggests that /ax/ is more prosodically prominent than
other sequences of the type /aC/. It should be noted,
however, that the short /a/ is sometimes not subject to
reduction even if followed by consonants other that
/x/ in Ulster and other dialects, e.g. macalla [maˈkalə]
‘echo’. Also, in Ulster and Achill an /a/ followed by
a /x/ in the third syllable resists centralization on a par
with /ax/ in the second syllable, e.g. leitheadach
[ˈlʲehədɑx] ‘arrogant’, and ignores morphology, e.g.
iascaireacht [ˈiəskərʲɑxt] ‘fishing’ (from [24]), while
it does not attract stress in Munster dialects.
2. Bennett’s second argument for the special status
of /ax/ is drawn from fact that this sequence, when in
the second syllable, attracts stress in Munster Irish.
Yet this argument appears to be cyclic in nature: on
the one hand, /ax/ attracts stress because it is a
prosodically marked sequence with a moraic
consonant; on the other hand, /ax/ is a prosodically
marked sequence supporting two morae because it
attracts stress, since no other evidence internal to
Munster Irish seems to be available to support its
prosodically prominent status.
3. The same criticism applies partially to Bennett’s
observation that /x/ in intervocalic position might be
the coda of the left syllable linked to a mora, since he
points to the irregular stress in Munster Irish, citing
[4], as his primary evidence. At the same time, it is
the case that [14; 15] do find that Irish speakers can
assign a consonant in an intervocalic position after a
short stressed vowel to both the left or the right
syllable, which is echoed by the dispreference for
/Cx/ clusters. What’s more, /x/ only appears in wordinitial position in morphologically derived contexts as
a result of the lenition of /k/.
4. Bennett further points out that /x/ shares two to
three features with the vowel /a/ and can be
considered its glide-like counterpart, so that the
sequence /ax/ behaves like a diphthong including its
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distribution with respect to lexical stress unlike all
other VC, aC, or Vx sequences. However, syllables
with diphthongs do bear stress in the second syllable
surrounded by heavy syllables and attract stress in the
third syllable like syllables with long vowels [20],
whereas the /ax/ sequence does not. According to
Bennett, all other homogenous VC sequences like
/uv/ or /ij/ do not behave in a similar way because of
the exceptional sonority of /a/, which is manifested by
its greater duration and intensity in phonetic terms.
This takes us back to a proposal by Ó Sé [21], who
finds an explanation for this anomaly in the fact that
in many languages low vowels tend to have longer
duration and greater intensity than other vowels.
4. DISCUSSION
I have tried to show that the optimal way to describe
irregular peninitial stress in words with /ax/ in the
second syllable boils down to the presence of a
phonologically reduced vowel in the initial syllable,
which cannot take lexical stress and which is
contrasted with vowels resulting from the process of
post-lexical process of vowel reduction. The
sequence /ax/ itself is therefore synchronically
irrelevant for determining stress placement. Such an
approach, however, can raise several objections.
Firstly, it leads to positing segmental alternations
like /ə/ bacach ‘beggar’ ~ /a/ bacaigh ‘beggars’.
However, similar vowel alternations are observed in
various parts of the GCD lexical system, so the case
above does not present a striking exception to what is
found elsewhere, cf. the alternation /a/ lag ‘weak’ ~
/i/ (níos) laige ‘weaker’ [20].
Secondly, the vowel /a/ does avoid reduction in
Ulster, especially when followed by /x/, see [19] and
above. Yet if historically the cause of this failure to
reduce in Ulster dialect and non-standard stress
placement in Munster dialect is the nature of the
vowel /a/, this does not contradict the synchronic
analysis. It is possible that /ə/ was phonologised
before low vowels after the “forwarding” of stress
and the fixation of syllable weight system.
As for historical reasons for the behaviour of /ax/,
one could point to O’Rahilly [18], who writes that in
the two suffixes -ach- and -ech-, where the vowels are
derived from ā and jā respectively, a full vowel was
preserved in Middle Irish, which is reflected in the
fact that /ax/ in the second syllable resists reduction
in other dialects. This point of view is supported by
Jackson [11], who assumes that the second syllable
with ‑(e)ach(t) preserves the historical unreduced
(“clear”) vowel /a/. The reason why this particular
vowel was shortened and whether that is related to
syllabification facts observed in [14; 15], however, is
not exclusively problematic for the current proposal.
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ABSTRACT
Information structure is said to play an important role
in determining phrasal prominence and the
assignment of nuclear pitch accents in English. Early
accounts claim that discourse-new or focused words
receive a prominence-lending high/rising pitch
accent, while given words are unaccented, with
reduced prominence. Empirical findings are varied,
but paint a more complex picture of the prosodic
encoding of information structure. The present study
investigated the phonological and phonetic encoding
of information status and contrastive focus in nuclear
position in American English, from speech read under
neutral and lively affect. Given information was
associated with decreased phonological and phonetic
prominence, contrastive information with enhanced
prominence, while new information corresponded to
increased phonological, but not phonetic prominence,
as assessed in pitch accent type, duration, intensity,
and voice quality. The findings indicate a
probabilistic relationship between information
structure and nuclear pitch accent type, and gradient
expression of information structure in acoustic
prominence.
Keywords:
prosody,
information
givenness, focus, nuclear pitch accents

structure,

1. INTRODUCTION
The prosodic realization of a phrase reflects a myriad
of linguistic and extra-linguistic functions.
Understanding the relation between form and
function is central to prosodic research. While these
relations are quite complex, one that has received
considerable attention from phonologists and
semanticists alike is that between information
structure and prosodic realization [4, 7, 9, 11, 14].
Information structure (IS), including both focus status
and information status (or degree of givenness) have
been argued to constrain prosodic realization,
particularly for nuclear pitch accents, though
empirical analysis of this relationship has yielded
highly variable results.
Information status has traditionally been
characterized as a binary distinction between given
and new information [11, 14]. In its phonological
expression in English, given information tends to be
deaccented or receive a low pitch accent, whereas
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new information, as well as narrow or contrastive
focus, is marked with high or rising pitch accents [4,
7, 9, 11, 14]. Empirical studies reveal a more complex
and probabilistic relation between information
structure and pitch accent type: given information is
not always deaccented [1, 13, 18], and high and rising
tones are often, but not always used to signal
contrastive focus or newness [13]. Similar findings
are reported for German [10, 15].
Several studies have examined the phonetic
encoding of IS: for American English, Breen et al. [3]
report effects of focus location (subject, verb, object)
in duration, intensity and F0, with further distinction
of focus type (contrastive/non-contrastive) for
objects. Calhoun [6] observed lower, but more
delayed peaks on given information (theme) relative
to new information (rheme) in Australian English,
though these relationships were notably weak. Röhr
& Baumann [15] also report gradient effects of
givenness on f0 in German.
While previous studies show a probabilistic or
gradient relationship between information structure
and prosodic prominence, no study has yet examined
the influence of information structure on both
phonological (pitch accent) and phonetic correlates of
prominence in American English, and specifically in
the position of the default nuclear prominence in the
intonational phrase. The nuclear pitch accent is the
final pitch accent of an intonational phrase, and
though it may not manifest acoustic prominence, it is
nevertheless associated with increased perceptual
prominence [4, 12]. Critically, this accent has been
argued to convey meaning related to information
structure [4, 5], whereas the relationship between IS
and prenuclear accents is minimal at best [5, 8]. The
present study therefore provides a thorough
investigation of the phonological and phonetic
encoding of information structure in nuclear
prominence position in American English.
This research importantly addresses several
limitations in previous production studies of the ISprosody relationship. In addition to confining the
analysis to the nuclear region of the phrase, we also
obtain a high degree of phonological and semantic
control in our stimulus for a systematic comparison
of prosodic effects between IS conditions. We adopt
a three-level representation of information status with
levels not only for given and new, but also accessible
information, which has been implicated in perceptual
processing of the IS-prosody relation [2, 7]. Finally,

we implemented a dual phonological and phonetic
analysis of the nuclear region. From previous studies,
we expect informativity to be positively correlated
with prominence of the nuclear pitch accent in its
phonological status (pitch accent) and phonetic
realization (duration, intensity, and voice quality). If
IS is categorically encoded in phonology, we expect
a direct relation between IS and pitch accent type. If
IS influences prominence in a gradient manner, we
expect a positive but weak correlation between the
degree of newness and phonological prominence
(pitch accent), as well as phonetic prominence
(duration, intensity, voice quality).
2. METHODS
2.1. Participants

Data were collected from 32 native speakers of
American English (23 female, 9 male), recruited from
undergraduate Linguistics courses. An additional 11
participants completed the experiment but as nonnative speakers of English, they were excluded from
analysis. Participants were retained who reported that
English was their first language or learned
simultaneously with another (Mandarin: 2, Spanish:
1, Urdu: 1). All participants were compensated with
course credit.
2.2. Stimuli

Twenty sets of mini-stories were created in which the
IS of the final object noun phrase was contextually
defined as discourse-given, -accessible, -new, or
contrastive. Each story contained three sentences: two
context sentences followed by one target sentence.
Context sentence 1 and the target sentence were the
same within each set of stories, while context
sentence 2 modulated the IS of the final noun phrase
in the target sentence. The target word was given
when previously mentioned; accessible when in a
hypernym–hyponym relation with a non-coreferential
word in sentence 2; new when not mentioned or
inferable from prior context. Contrastive focus was
implemented in a double focus construction that
paralleled sentence 2. All target words were
trisyllabic with dictionary-defined initial stress. The
syntactic and metrical structure of the target sentence
was identical across stories, and voiceless obstruents
were avoided. See Table 1 for an example story.
A yes-no question targeting information in the
second sentence was created for each individual story
to encourage full comprehension of the story content.
The correct answer to half of the comprehension
questions was ‘yes’ for every participant.
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2.3. Procedure

Each participant received one IS condition for each of
the 20 stories. Equal numbers of productions per story
and condition were obtained by counterbalancing the
IS-story pairings among every four participants. The
order of the stories was randomized for each
participant, and then repeated with the same order for
four blocks. Participants were asked to modulate their
speaking style between blocks: odd blocks were to be
read in a casual, neutral manner, and even blocks in a
lively, expressive manner. This manipulation was
introduced primarily to promote variety in the pitch
accent type. In total, there were 80 productions per
participant, with 20 productions per IS condition. The
comprehension question was presented after each
story. All participants achieved at least 85% accuracy
with a median accuracy of 97%.
Recordings were digitized at a sampling rate of
22050 Hz (16-bit format). The audio was forcealigned to the story transcript using FAVE-align [16],
and the alignment of the final critical word was
manually corrected at the word level. The final word
was then re-aligned using FAVE for more precise
phone boundaries.
Table 1: An example story structure with each of
the four IS types in Context Sentence 2. The critical
word in Sentence 3 is bolded.
Story Structure
Context Sentence 1
Our sister Jamie spent all day Saturday in the kitchen.
Context Sentence 2
Given: She knew it would take hours to make the
marmalade.
Accessible: She especially enjoyed making homemade
preserves.
New: She likes to make everything from scratch.
Contrastive: Our father loved the strawberry jam.
Target Sentence
Our nana loved the marmalade.
2.3. Pitch accent labeling & acoustic measures

A ToBI label was assigned to each critical word based
on auditory impression and visual inspection of the f0
contour. Three trained annotators completed the task.
Annotators first assigned one of the following ToBI
labels to each word: H*, L*, L+H*, L*+H, or
unaccented (UA). Because of annotator uncertainty in
the distinction between H* and L+H*, as well as L*
and UA, the labels were ultimately binned into one of
two categories: (L+)H* and L*/UA. While some
pitch accents were clearly high-flat or shallow rises
(H*) and others sharply rising (L+H*), many accents
had intermediate rises that were difficult to
categorize. The distinction between L* and UA was
also impaired by pervasive utterance-final creak,

H*
254

200

194
176

The relation between duration and IS condition was
assessed with a linear mixed effects model predicting
the duration of the trochee (seconds) based on the
pitch accent type (H* or L*/UA), IS condition, affect,
and the full interactions between those effects. A
random intercept, slope for condition, and slope for
affect was included for participant, as well as a
random intercept for the critical word. Main effects
were sum-coded with weights of ±1 and respective
base levels of L*/UA, accessible, and neutral.
The model revealed significant effects of given
and affect. Relative to the average production, given
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The count of pitch accent types per IS condition and
affect are presented in Figure 1. A logistic mixed
effects analysis was used to predict the likelihood of
the critical word receiving an H* pitch accent as
opposed to L* or no pitch accent. The model had
fixed effects of IS condition, affect (lively vs.
neutral), their interactions, and a random intercept for
speaker and word. Models with more complex
random effects failed to converge, even after
decorrelating slopes. Condition and affect were sumcoded with weights of ±1 and respective base levels
of accessible and neutral affect.
The model yielded significant effects of IS
condition, as well as affect, but no significant
interactions between factors. H* was significantly
less likely in the given condition, more likely in the
new and contrastive conditions, and with a lively
speaking style, all relative to the grand mean (𝛽$%&'( =
-1.06, p < 0.001; 𝛽(') = 0.33, p < 0.01; 𝛽*+(,- = 0.71,
p < 0.001; 𝛽.%&'./ = 0.89, p < 0.001).
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3.1. Pitch accent type

L*/UA
273

affect

ve
n

A total of 2560 items (32 participants × 80
productions) were collected. 154 items were excluded
due to production error (143 instances) or a perceived
primary stress on the third syllable of the critical word
(11 instances). The number of errors per participant
ranged from 0 to 17 (median = 4 errors). As
mentioned, items labeled as L*+H were also removed
from analysis (51 instances), resulting in 2355 items.

Figure 1: Counts of pitch accent type by IS and
affect.
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3. RESULTS

words were approximately 8 ms shorter (𝛽$%&'( = 0.008, p < 0.01), contrastive 5 ms longer (𝛽*+(,- =
0.005, p < 0.05), and lively 9 ms longer (𝛽.%&'./ =
0.008, p < 0.001). New and H* items were
approximately 3 ms longer on average (𝛽(')×0∗ =
0.003, p < 0.05). No other main effects or interactions
reached significance.

count

which is analyzed below. Words labeled L*+H were
few in number and excluded from analysis.
Duration (sec) and RMS intensity (dB) were
measured in the initial trochee of the critical word.
Intensity was normalized to the preceding subject
word via subtraction (relative intensity). Intervals of
modal and creaky voice were also manually marked
throughout the critical word to explore interactions
between IS and voice quality.

3.3. Relative intensity

A linear mixed effects model was also used to assess
the relative intensity of the trochee (dB) based on
pitch accent type, IS condition, affect, and the
interactions between those factors. The model was
identical in structure to that for duration, though the
random by-participant slope for condition failed to
converge and was therefore excluded.
We observed significant effects of pitch accent
type, given and contrastive conditions, and an
interaction between pitch accent and affect. Critical
words with an H* accent were approximately 1.4 dB
louder on average (𝛽0∗ = 1.36, p < 0.001), given items
0.9 dB quieter (𝛽$%&'( = -0.88, p < 0.001), and
contrastive items 1.4 dB louder (𝛽*+(,- = 1.37, p <
0.001). Lively, H* items were approximately 0.2 dB
louder than average (𝛽.%&'./×0∗ = 0.20, p < 0.05). A
main effect of affect was likely not observed due to
normalization with respect to the subject word. No
other main effects or interactions reached
significance.
3.4. Voice quality

Voice quality in the critical word was often dynamic
in nature. Though a handful of tokens had more than
two voice quality changes, we defined the following
primary voice quality categories: fully modal (258
items), modal followed by creaky (1376 items), and
fully creaky (691 items). Because there were
relatively few instances of creaky followed by modal
voice, these were excluded from statistical analysis
(30 items). The counts for each voice quality type

within each pitch accent category are presented in
Figure 2.
Figure 2: Count of voice quality type by pitch
accent type and IS.
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A multinomial logistic regression was implemented
to analyze the likelihood of voice quality sequence
based on IS condition, pitch accent type, affect, and
their interactions. The contrast coding of these factors
was the same as for the linear models above, and the
base category was ‘fully modal’. There were
significant effects of given, new, pitch accent type,
and affect, as well as a significant interaction between
newness and pitch accent. Given items were more
likely to be fully creaky and new items were less
likely to be modal followed by creaky as opposed to
fully modal (𝛽23..4-~$%&'( = 0.89, p < 0.01;
𝛽6+78.4-~(') = -0.33, p < 0.05). Lively items were
more likely to be fully modal than fully creaky
(𝛽23..4-~.%&'./ = -0.39, p < 0.01), and H* items were
also more likely to occur as fully modal than fully
creaky (𝛽23..4-~0∗ = -0.97, p < 0.001). The interaction
between new and H* indicated that these tokens were
more likely to be realized with modal followed by
creaky voice (𝛽6+78.4-~(')×0∗ = -0.33, p < 0.05).
The remaining effects and interactions were not
statistically significant, though numerically the
number of modal then creaky H* items appeared to
increase with informativity. Note that no numerical
difference was observed between male and female
speakers in the rate of voice quality patterns (fully
creaky: F – 30%, M – 29%; modal then creaky: F –
58%, M – 59%; fully modal: F – 11%, M – 11%;
creaky then modal: F – 1%, M – 1%).
4. DISCUSSION
The present analysis found both phonological and
phonetic encoding of information structure for words
in nuclear prominence position in American English,
though the relationship was highly probabilistic [see
also 10, 13]. Given information was more likely to be
conveyed by a low pitch accent or be unaccented,
whereas new and contrastive information was more
likely to receive a high or rising accent; however, this
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relationship was not one-to-one. High or rising
accents were also found on given items, and low
accents or no accent also occurred on new and
contrastive items. Acoustic correlates of IS were
found primarily for words with given status: given
information was more likely to be shorter, quieter,
and realized with creak throughout the duration of the
word when compared against all productions.
Contrastive information was also relatively louder
compared to average. Speaker affect or style also
influenced prosodic prominence in its phonological
and phonetic encoding in that a lively speaking style
yielded increased usage of high or rising accents,
along with an increase in duration and intensity.
These effects did not significantly interact with IS.
Overall, these findings indicate a measurable but
probabilistic relation between IS and prosodic
prominence. While the usage of a high or rising pitch
accent increased with informativity, the majority of
phonetic effects were observed in the realization of
given information in nuclear position. This may relate
to previous claims that givenness is of primary
relevance in its relation to prosodic implementation
[17]. Nevertheless, the presence of phrase-final creak
in American English may have obscured further
effects of IS on prosodic prominence. Because the
nuclear position often coincides with the edge of a
phrase, any prosodic implementation of IS at the edge
will be confounded by phrase-final effects. Between
the high degree of creakiness and L*/UA realizations,
the requirement to mark phrase finality may have
overpowered effects of IS that require increased
prominence. Research is currently underway to
disentangle these relations by examining nuclear
accents that are non-final and therefore less likely to
contain influences of phrase-final creak.
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ABSTRACT

dictable, hence tend to be accented, but also less relevant, as they are not decisive for the outcome of
the game. Later on, the game moves are highly predictable, but relevant, as they typically prevent the
interlocutor from winning, or may constitute winning moves (cf. Figure 1). For American English,
[14] found a difference in the prosodic realizations
of these two types of prominence: accents expressing unpredictability are longer in duration and are
produced with a higher f0 excursion, while accents
related to relevance are louder. A replication of this
study for another Germanic language, namely German, constitutes the first goal of this paper. We expect a similar accentual differentiation.

It is well-known that the effort invested in prosodic
expression can be adjusted to the information structure in a message, but also to the characteristics of
the transmission channel. To investigate whether
visibly accessible cues to information structure or
facial prosodic expression have a differentiated impact on acoustic prosody, we modified the visibility
conditions in a spontaneous dyadic interaction task,
i.e. a verbalized version of TicTacToe. The main hypothesis was that visibly accessible cues should lead
to a decrease in prosodic effort. While we found that
- as expected - information structure is expressed
throughout a number of acoustic-prosodic cues, visible accessibility to context information makes accents shorter, while accessibility to an interlocutor’s
facial expression slightly increases the mean f0 of an
accent.

Figure 1: An unpredictable move on field “5”
(left), followed by a relevant move on field “7”
(right) in TicTacToe.

Keywords: prosody, dialogue, information structure, visibility, speech economy.
1. INTRODUCTION
It is well described that contextually novel, surprising, important, contrastive or somehow discourserelevant words are made prosodically prominent
across a number of typologically diverse languages
[10, 15, 2, 12].
What is less well understood is whether these various prominence-cueing sources should be modeled
as a single one-dimensional concept of “information structure”, or whether the different functions of
prominence are phonologically differentiated [11].
Watson et al. [14] investigated whether different
types of information-structure trigger different types
of prosodic prominence. They operationalized the
difference between relevance accents (roughly corresponding to “focus” in information theory) and
unpredictability accents (roughly corresponding to
“novelty” in information theory)) by measuring verbalized game moves in games of TicTacToe. In early
stages of the game, the moves are relatively unpre-

Most studies (including [14]) investigate the influence of information structure in ways neutralizing the influence of contextual factors that may affect information transfer, e.g. information that is accessible via a visual channel. However, in authentic
communicative settings, interlocutors often can see
their interlocutor’s facial expression and have visible access to the information that is verbally expressed (e.g. in a TV weather report, speech is accompanied by a visual illustration). The interplay
of visually and verbally accessible information in
prosodic expression constitutes the second goal of
our paper. Optimization models of speech communication would predict a decrease in overall prosodic
effort if interlocutors have visible access to information that is verbally expressed [5, 7], but there are
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of cases, e.g.

several candidates that may trigger such an effect.
When interlocutors see each other in the TicTacToe
setting, they can see both the facial expression and
the manually played game moves. Access to the
manual game moves makes the verbal message fully
redundant and might therefore lead to its pronunciation with reduced effort. However, visibility of
facial movements have independently shown to enhance a message’s intelligibility [9, 8, 4] and to convey prosodic prominence [4]. Therefore, a reduction
in prosodic expression under mutual visibility could
also result from exploiting a cumulative effect of visually and verbally conveyed prosodic prominence.
We therefore hypothesize that (1) if the visibly accessible information makes the verbal message redundant (which is the case if the manual moves to
a game target field are visible), acoustic prosodic
effort should be reduced. We further hypothesize
that (2) if facial movements are visible (but not manual ones), these may provide cues to prosodic structure and thus cue a lack of vocal effort likewise.
However, given the strong findings with respect to
congruency across the visual and verbal modality
[6, 3, 13], and given the fact that facially conveyed
prosody does not render the verbal message redundant, we predict that the effect of facial visibility is
less strong than the effect of visibility to relevant
context information. Our subsequent study sets out
to investigate our hypotheses.

(1) Mein nächster Zug geht auf FÜNF.
(Engl.: My next move goes on FIVE.)
The verbalizations of game board targets (“1-9”)
were later analyzed with respect to their prosodic
realization. However, speakers were not instructed
to use a particular sentence structure or use specific
words to refer to their targets.
2.2. Visibility Conditions

In each dyad, participants performed 4 games of
TicTacToe in each of 4 different recording setups.
The game board was placed horizontally between
the speakers . In each game, the initial move was
preset (randomly) by the experimenter. The order of
game initializations rotated and the order of recording setups was shifted for each dyad. The 4 different
recording conditions are specified in the following:
1. Manual and facial visibility: transparent game
board, full view of interlocutor’s head and facial expression.
2. Manual visibility, no facial visibility: transparent game board, but obstructed view of interlocutor’s head and facial expression (with a
light curtain)
3. Facial visibility, no manual visibility: nontransparent game board, but full view of interlocutor’s head and facial expression
4. Neither manual nor facial visibility: nontransparent game board, obstructed view of
partner’s head and facial expression (with a
light curtain)

2. METHODS
2.1. Recording Setup

The recordings were carried out at the faculty’s
recording studio using Sennheiser neckband microphones. We recorded 40 participants (native speakers of the Northern German Standard Variety) forming 20 dyadic pairs. Interlocutors within dyads
were of equal social status, typically friends, and of
same or mixed gender. Recordings of one speaker
were excluded from further analyses due to technical problems resulting in a poor recording quality.
Each player received a set of cut outs in the form
of blue or red felt squares to mark their moves on a
shared vertical grid (cf. Figure 2). The game board
looked like a normal TicTacToe grid, however with
every cell being numbered. This was introduced in
order to enable the interlocutors to unambiguously
refer to the different cells on the game board using the digits 1 − 9. That way, a typical verbalized
move is produced by placing a sentence or nuclear
accent on the target of the move, which corresponds
to one of the numbers available on the game board
and is realized sentence-finally in the vast majority

Figure 2: The recording setup under the full visibility condition.
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For a direct comparison of relevance and unpredictability accents, we coded a factor ‘accent contrast’, containing the labels ‘important’ and ‘unpredictable’, but excluding the cases where accents are
neither ‘unpredictable’ nor ‘relevant’ (mostly initial
moves), or both.

2.3. Information Structure Conditions

Largely following [14], we used the TicTacToe Setting to disentangle two aspects of information structure, namely predictability and relevance. As the
initial moves were predefined by the experimenter,
openly told to both participants and then simply repeated by the participant, they were defined as fully
predictable (‘8’). The second move was annotated as
least predictable (‘1’), as the participants still have
many options to choose from on the game board.
The following moves were annotated with increasing predictability (‘2—8’) in course of the game.
For statistical analysis, predictability was recoded
in a binary fashion, with predictability > 4 = ‘predictable’, the remaining moves as ‘unpredictable’.
Relevance was operationalized in a binary fashion,
with moves that prevent or constitute a winning
move being annotated as ‘relevant’, others as ‘irrelevant’ (for the outcome of the game). As game decisive, relevant moves tend to come later in the game,
and typically are predictable, the presence of either
feature predicts the absence of the other, allowing
for a contrastive analysis of both. For an illustration
of predictability and relevance, cf. Figure 1.

3. RESULTS
3.1. Influence of Visibility on Individual Participants

Out of the 39 remaining participant recordings, 37
showed an interaction effect between facial visibility
or manual visibility on at least one of the examined
acoustic parameters. Data from these 37 participants
were entered into the analysis of potential effects of
visibility and the prosodic expression of information
structure.
3.2. Information Structure Effects

Both predictability and relevance have a significant influence on the duration of accented words,
with relevant accents being significantly longer (β =
15, SE = 5.36,t = 2.9) and predictable accents being significantly shorter (β = −32, SE = 5.37,t =
−6.0). When contrasting accents of unpredictability and accents of relevance, unpredictable accents
are significantly longer than relevant ones (β =
13.8, SE = 6.32,t = 2.18, cf. Figure 3). These results are in line with previous research on American
English [14]. Also, f0 range is influenced both by
predictability and relevance, with relevant accents
being produced with a higher f0 excursion (β =
0.69, SE=0.31, t=2.2) and predictable accents with
a more compressed one (β = −0.9, SE = 0.31,t =
−2.84). However, a direct comparison of unpredictable and relevant accents fails to show a significant distinction: Both unpredictability and relevance
increase f0 range in a similar fashion. This differs
from results for American English, where unpredictable accents showed a larger f0 excursion. Globally, neither relevance nor predictability had an impact on RMS or Mean f0. Again, this finding differs
from American English, where intensity was used
to mark relevance accents rather than unpredictable
accents.

2.4. Annotations and Analyses

In each dyad, the verbalizations of the game move
targets (numbers 1-9) as well as the corresponding
move’s relevance and predictability were annotated
manually using Praat [1]. In the vast majority of
cases, these targets corresponded to the final word of
an utterance, coinciding with a (nuclear) accent. We
restricted our analyses to the phrase final, accented
verbalizations of target moves. Using a Praat script,
we then carried out a number of acoustic analyses
of these target move verbalizations (duration (ms),
mean f0 (st rel 1 Hz), f0 range (st), RMS intensity). These acoustic features served as dependent
variables in the subsequent analyses. In a first step,
it was then determined which participants were influenced by different visibility conditions by calculating a set of Linear Mixed Effect Models on all
dependent variables, using the interaction of participant and both visibility conditions (‘manual visibility’, ‘facial visibility’) as fixed factors, and ‘item’
and ‘dyad’ as random factors. For the subset of
participants who showed an interaction with visibility on any dependent variable, we then calculated a series of Linear Mixed Effects Models, using the above mentioned acoustic features as dependent variables, ‘relevance’, ‘predictability’, ‘manual
visibility’ and ‘facial visibility’ as fixed factors, and
‘item’, ‘participant’ and ‘dyad’ as random factors.

3.3. Visibility Condition Effects

Visibility conditions had a significant influence
on two acoustic parameters: If participants could
see the interlocutor’s hands, they produced their
verbalized target moves significantly faster (β =
−10, SE = 5.14,t = −2.0, cf. Figure 3). If partic-
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ipants could see each other’s faces, they produced
their target moves with a slightly higher average f0
(β = 0.52, SE = 0.26,t = 2.0, cf. Figure 4). RMS
intensity was not affected by visibility, and neither
was f0 range.

Figure 3: Accent duration distribution depending
on accent function (relevance vs. unpredictability
accent) and absence (left) or presence (right) of
manual game moves.
invisible moves

visible moves

4. DISCUSSION
Accent functions are acoustically differentiated in
German, but different from American English. For
the latter, it was found that unpredictability accents
are longer in duration and produced with a higher
f0 range, but that relevance accents are louder. As
in American English, German speakers produce unpredictable accents comparatively longer than relevant ones, but do not use f0 excursion to differentiate
them further. Also different from American English,
German speakers do not use intensity cues to signal
accent function. As our analysis only looks at shallow acoustic features and does not take into account
the fine detail of f0 movements or accent types, we
refrain from concluding that predictability and relevance are not differentiated using f0 cues in German. A more fine-grained analysis of f0 movements
is needed in the future.
With respect to the interplay of different visibility
conditions and accent realization, we had hypothesized a comparatively stronger effect of manual visibility on the prosodic expression of accents. Indeed,
this was supported by a decreased duration of accented words given access to manual visibility. If
interlocutors have visible access to the information
that is verbally transmitted, they invest less (durational) effort into their accent realization. Interestingly, no other prosodic features of prominence expression were affected, and f0 range stayed similar.
Our findings thus provide some, but not full, support for speech optimization theories. Our second
hypothesis was that visible access to the interlocutor’s facial expression would also reduce prosodic
effort, but less so. Here, we only found a very
small positive impact of facial visibility on Mean f0,
which could be interpreted as an increase in overall prosodic “engagement”, possibly modulated by
a strengthened interlocutor’s co-presence. Our hypothesized reduced prosodic effort under facial visibility conditions was not corroborated by the results.
Maybe the most surprising result was the lack of
influence of different visibility conditions on RMS
intensity. We interpret this in such a way that speakers react with intensity modulations mostly to noise
in the transmission channel, in a classic Lombardlike fashion. Lacking visibility of an interlocutor
does not automatically create Lombard speech.
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Figure 4: Distribution of mean f0 in accents both
with and without access to facial visibility.
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ABSTRACT
Two production studies on German were conducted
to find out whether differences in the informativeness
(comprising information status and focus) of sentence-initial and sentence-final referents (potentially
carrying prenuclear and nuclear accents, respectively)
influence the referent’s prosodic realisation, elicited
in two different speaking styles. As expected, informativeness has a clear effect on nuclear accent placement, with only few nuclear accents on given items.
We also observe a subtle but systematic influence on
the realisation of prenuclear accents, challenging a
strict view on these prominences as being merely ‘ornamental’. In fact, prenuclear accents were placed
consistently and mostly rising, but their prosodic prominence increased with increasing newness of the target referent, e.g. by wider pitch range. Surprisingly,
however, most contrastive items were produced with
less prominence in both studies, due to a parallel
structure in the experimental setup. A lively speaking
style (mostly) enhances the observed effects.
Keywords: nuclear accents, prenuclear accents,
prosodic prominence, information status, contrastive
focus
1. INTRODUCTION
In studies on the relation between prosody and meaning in West-Germanic languages it is commonly assumed that the position and form of nuclear accents,
defined as the last pitch accent in an intonation unit,
is decisive for the interpretation of an utterance’s information structure. Accordingly, the nuclear accent
is considered the structural head of an intonation unit
– often perceived as most prominent – and is thus assigned a special status in the prosodic hierarchy (e.g.
[12]). In an English utterance like (1), e.g. (from [2]),
different positions of the nuclear accent (indicated by
capital letters) lead to an important difference in pragmatic meaning:
(1) David only wears a bow tie when teaching.
a. David only wears a bow tie when TEAching.
b. David only wears a BOW tie when teaching.
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While the prosodic structure of (1a) indicates that
teaching is the only situation in which David wears a
bow tie, the prosody in (1b) suggests that he wears
nothing but a bow tie while he is teaching.
The status of prenuclear accents – i.e. pitch accents that occur before the nucleus within the same
intonation unit – is less clear. It has been claimed that
prenuclear accents do not contribute much to the meaning of an utterance and that they are rather placed
due to general principles of rhythmic organization
[7]. Büring [6] claimed that prenuclear accents are optional, or ornamental, in many cases (especially on
prefocal elements). In example (1), this would apply
to the content words David and wears, which may or
may not carry an accent, a choice whose impact on
the interpretation of the utterance is a matter of some
debate. Actually, however, there is evidence that in
certain contexts prenuclear accents are placed consistently, and that they even indicate – however subtle –
meaning differences: For German, e.g., givenness
was found to slightly lower the peak of prenuclear accents in comparison with accents on new information
[9], and contrastive prenuclear accents displayed
higher and later F0 peaks than their non-contrastive
counterparts [5].
From these rather vague results of the few previous studies on the relation between form and function of prenuclear accents in German we derive the
motivation for our present study. It also includes a
comparison with nuclear accents in the same setup
which is meant to serve as a verification of the widely
agreed assumptions. The study aims at finding out
whether differences in the information status of a sentence-initial referent (potentially carrying a prenuclear accent) and a sentence-final referent (potentially
carrying a nuclear accent) and the type of focus domain the referent is part of influence the referent’s
prosodic realisation. For both experiments we expect
to find a positive correlation between the newness or
informativeness (comprising information status and
focus) of a target referent and its prosodic prominence, with clearer results for nuclear than for prenuclear accents. In addition, we test the influence of
speaking style (neutral vs. lively) on the prosodic realisation of the target referents. We expect to find greater effects in the lively speaking style due to an increase in hyperarticulation.

2. METHOD
2.1. Speech Material

Two experiments were carried out separately, one for
eliciting nuclear, one for prenuclear accents, based on
the same setting with little variation in the speech
material (see Table 1). For each position in the target
sentence (nuclear and prenuclear), we selected 20 target words which were disyllabic for sentence-initial
and trisyllabic for sentence-final referents. All of
them carried lexical stress on the first syllable. We
created 20 story sets for each experiment, with each
story consisting of three sentences. The first (C1) and
third sentences (T) were held constant, while the
second sentence (C2) varied in order to render the
target noun phrase given, accessible, new or
contrastive.
Context 1
(C1)
Context 2a
(C2a)
given
Context 2b
(C2b)
accessible
Context 2c
(C2c)
new
Context 2d
(C2d)
contrastive
Target
(T)

2.3. Annotation and Analyses

Sentence-initial and sentence-final referents were
segmented on word and syllable level and assigned
GToBI accent type labels in praat [3]. Lack of accent
on a target word was indicated by ‘0’. For measuring
pitch-related parameters, tonal minima and maxima
within or surrounding the accented syllable of the target words were identified. The continuous parameters
DURATION, INTENSITY, RANGE and SLOPE were analysed with linear mixed-effects models that tested for
effects of informativeness and speaking style, using
the lme4-package [1] in R [11]. In addition to these
fixed effects, random intercepts for speaker, gender
and target word entered the models. The categorical
parameters ACCENT POSITION and ACCENT TYPE were
analysed with loglinear modelling using the MASSpackage [13]. Since loglinear modelling does not allow for random effects, these models only tested for
main effects of informativeness and speaking style, as
well as for an interaction between them. So far, only
blocks 1 and 2 were evaluated in both experiments,
i.e. 40 utterances per speaker (5 per condition and
speaking style).

Nach dem langen Winter freuten sich
alle auf ein paar sonnige Stunden im
Freien.
Die Nonne kümmerte sich um den
Klostergarten. (prenuclear) OR
Im Klostergarten blühte der erste
Mandelbaum. (nuclear)
Im Klostergarten blühten die ersten
Pflanzen.
Die Sonne schien schon den ganzen Tag
und der Schnee war endlich
geschmolzen.
Der Mönch hat einen Brombeerstrauch
gegossen.
Die
Nonne
hat
Mandelbaum gegossen.

order on a screen using PsychoPy. Each experimental
session consisted of two blocks to be read in a natural/casual speaking style (blocks 1 & 3) and two
blocks to be read in a lively speaking style (i.e.
pretended to read to family and friends; blocks 2 &
4). Subjects were primed by two auditorily (and
visually) presented training items in a natural but
swift speech rate which were recorded from a trained
speaker. Before reading out the stories, subjects were
asked to familiarize with the content by reading the
stories for themselves. After producing each story,
they answered a simple content question (e.g. ‘Did
the monk water the almond tree?’) by pressing either
y (for yes) or n (for no) on the keyboard. Sessions
lasted about 30-45 minutes and subjects were paid for
participation.

den/einen

Table 1: Example story set – Context 1: After the
long winter everybody was looking forward to a
couple of sunny hours in the open. Context 2a:
Given (prenuclear) – The nun was looking after the
cloister garden. OR Given (nuclear) – In the cloister
garden bloomed the first almond tree. Context 2b:
Accessible – In the cloister garden bloomed the first
plants. Context 2c: New – The sun had been
shining all day and the snow had finally melted.
Context 2d: Contrastive – The monk watered a
blackberry bush. Target: The nun watered the/an
almond tree.

3. RESULTS
3.1. Nuclear Accents

2.2. Procedure

In sum, 64 native speakers of German were recorded,
i.e. 32 for each experiment (prenuclear: 24f, aged 1930; nuclear: 26f, aged 18-58), with no reported speech
or hearing disorders. Subjects were seated in a soundproof booth and were presented with one version of
each of the 20 different mini-stories in randomized
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After excluding 68 cases (5 %) due to hesitations,
creaky voice or a wrong answer to the content
question, 1212 utterances entered the analysis.
As to the actual ACCENT POSITION on sentencefinal target words we find main effects of both informativeness (χ2(9) = 663.8, p < .001) and speaking
style (χ2(3) = 34.4, p < .001). In 86 % of the cases, given items are marked by prenuclear accents and deaccentuations (with the nucleus placed on the verb),
while the number of nuclear accents increases from

accessible to contrastive items. The lively style generally leads to more nuclear realisations (Fig. 1).
Also the ACCENT TYPE (low, fall, high, rise) of
sentence-final referents is found to be affected by
both informativeness (χ2(9) = 29.4, p < .001) and
speaking style (χ2(3) = 108.7, p < .001), leading to
more deaccentuations in given, more high and rising
accents in new, and more falling accents in contrastive items, plus more rising and fewer falling accents
in the lively speaking style.
Figure 1: Accent positions on sentence-final referents in in both speaking styles.

Investigating phonetic parameters in referents carrying nuclear accents, informativeness has an effect
on both SLOPE (χ2(3) = 10.4, p < .05) and RANGE
(χ2(3) = 14.7, p < .01) in nuclear rises, showing wider
range in new compared to given and accessible items
and steeper rises in new compared to given items.
Style has an effect on SLOPE in rising and falling
accents (rise: χ2(1) = 29.5, p < .001; fall: χ2(1) = 49.8,
p < .001), with steeper excursions in lively compared
to neutral speaking style. Similarly, RANGE is affected
by speaking style in high (χ2(1) = 4.6, p < 0.05),
rising (χ2(1) = 38.5, p < .001) and falling nuclear accents (χ2(1) = 55.4, p < .001), showing wider range in
these accent types when read in a lively compared to
a neutral manner (see Fig. 2).
Figure 2: Range (in semitones) of nuclear rising accents in both speaking styles.

p < .05) is found, with generally louder items in the
lively speaking style and increasing loudness with increasing informativeness for rises.
For durational measures, there is an effect of style
on WORD DURATION in falling accents (χ2(1) = 8.3,
p < .01), with longer words in neutrally read items,
and on SYLLABLE DURATION in rises (χ2(1) = 4.6,
p < .05), revealing longer syllables when read in
lively manner.
In cases where sentence-final referents receive a
prenuclear accent, an effect of style can be observed
in all but one parameter. Items are produced with
steeper rises and falls (rise: χ2(1) = 11.1, p < .001;
fall: χ2(1) = 9, p < .01), both with wider range when
read in a lively manner. Also, for INTENSITY, the lively style leads to louder words in high (χ2(1) = 14.7,
p < .001), rising (χ2(1) = 17.3, p < .001) and falling
prenuclear accents (χ2(1) = 11.3, p < .001). For WORD
DURATION, an effect of style on low, high and rising
prenuclear accents is found, showing longer durations
for neutral speech.
Informativeness affects RANGE in rising accents
(χ2(2) = 8.3, p < .05), with wider range for new
compared to given items. Furthermore, informativeness has an effect on WORD DURATION in low prenuclear accents (χ2(2) = 7.5, p < .05), in that new
items are longer than given ones.
3.2. Prenuclear Accents

We had to exclude 22.9 % of the target sentence realisations, mostly because subjects produced a phrase
break after the target word, turning potentially prenuclear accents into nuclear accents – this applied
more often to items in lively speaking style. Still, 958
utterances remained for the analysis.
For the factor ACCENT POSITION on sentence-initial target words we find main effects of both informativeness (χ2(3) = 17.4, p < .001) and speaking style
(χ2(1) = 21.1, p < .001), in that given as well as lively
read items are produced more often without an accent
than with a prenuclear one. However, only 7 % of the
given target words are deaccented, whereas 84 % of
all sentence-initial referents receive a rising accent.
Figure 3: Accent types (including deaccentuation)
on sentence-initial referents in both speaking styles.

With respect to INTENSITY, an effect of style can be
observed for high (χ2(1) = 12.6, p < .001), rising
(χ2(1) = 12.5, p < .001) and falling accents
(χ2(1) = 156.9, p < .001), with target words being louder in lively speech. Moreover, an interaction of style
and informativeness in rising and high nuclear accents (rise: χ2(3) = 9.8, p < .05; high: χ2(3) = 8.5,
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Still, also the TYPE of ACCENT is found to be
affected not only by speaking style (χ2(3) = 86.1,
p < .001), with more deaccentuations and low accents
in lively and more high accents in neutrally read
items, but also by informativeness (χ2(9) = 18.7,
p < .001): givenness leads to a larger number of low
accents and deaccentuations, while new and
accessible referents get more rising accents, and contrastive items are marked by a larger number of high
accents (Fig. 3).
For rising prenuclear accents we find main effects
of both informativeness (χ2(3) = 37.8, p < .001) and
speaking style (χ2(1) = 159, p < .001) on SLOPE, with
higher values for given, accessible and new items
compared to contrastive ones, and a generally higher
slope in all conditions when read in a lively manner.
Looking at RANGE in prenuclear rises, we observe an
effect of informativeness (χ2(3) = 40.6, p < .001),
with wider range for given, accessible and new compared to contrastive items, and wider range for accessible and new compared to given items (Fig. 4). For
high prenuclear accents only an effect of style is
found (χ2(1) = 11.3, p < .001), with a wider range for
lively than neutrally read items.
Figure 4: Range (in semitones) of prenuclear rising
accents in both speaking styles.

in prenuclear rises is affected by style
(χ2(1) = 25.7, p < .001), with lower intensity values
for items read in a neutral manner. Additionally, there
is a main effect of informativeness on intensity in rising prenuclear accents (χ2(3) = 19, p < .001) with given, accessible and new items being realized louder
than contrastive ones. With respect to high prenuclear
accents, only style (χ2(1) = 7.2, p < 0.01) has an effect
on intensity, showing higher values in the lively
speaking style. In low prenuclear accents an effect of
informativeness (χ2(3) = 7.9, p < 0.05) on intensity
can be observed, which reveals that new items are
produced louder than contrastive ones.
As to durational measures, prenuclear rising accents are found to be affected by informativeness with
respect to WORD DURATION (χ2(3) = 50.3, p < .001)
and SYLLABLE DURATION (χ2(3) = 46, p < .001), with
longest durations for contrastive items as well as longer durations for accessible and new items compared
INTENSITY
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to given ones (both styles). Also, low prenuclear accents are affected by informativeness in their WORD
2
DURATION (χ (3) = 11.1, p < 0.05) and SYLLABLE
2
DURATION (χ (3) = 16.4, p < .001), given items being
shorter than contrastive ones. With respect to style,
only an effect on SYLLABLE DURATION in prenuclear
rises can be observed (χ2(1) = 17.8, p < .001), showing longer syllables in lively speech.
4. DISCUSSION AND CONCLUSIONS
Our results confirm a positive correlation between the
informativeness of a sentence-final referent and the
degree of prominence of its prosodic realisation in
German: The number of nuclear accents increases
from given through accessible and new to contrastive
items, and newer target words are marked by more
prominent accent types. In other words, speakers use
nuclear accents systematically to express meaning
differences. A lively speaking style further enhances
the degree of prominence of a specific accent type by
adjusting the phonetic parameters, e.g. by an increase
in pitch range and slope (there is a considerable
amount of speaker-specific variation, though, e.g.
with respect to speech rate). Very similar effects have
recently been found for nuclear accents in American
English in the same experimental setup [8].
The results of the experiment on sentence-initial
referents are much more subtle but also confirm the
expected correlation between informativeness and
prosodic prominence: The newer the referent the wider the range and the steeper the rise. More precisely,
most target words receive a prenuclear rising accent
(even textually given words, which may to some extent be explained by a repeated-name penalty effect
[10]) but both the distribution of accent types and the
adjustment of continuous phonetic parameters (depending on the accent type) show some small but
systematic effects, challenging a strict view on prenuclear accents as being merely ‘ornamental’. Again,
a lively speaking style (mostly) enhances the observed effects. In fact, the consistent marking of sentence-initial items by prenuclear accents may be explained by rhythmic reasons, in that the two most prominent positions in a (German or English) utterance
are near the beginning and near the end [4].
Against our expectations, however, contrastive
target words are produced as least prominent in both
experiments (except for durational measures). This is
because most subjects produced a rather flat hat pattern in the (contrastive) double focus condition. Presumably, speakers did not feel the need to make the
contrasted items prosodically prominent since the
contrast is already expressed by the parallel syntactic
– as well as semantic-pragmatic – structure.
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ABSTRACT
Listeners can rapidly integrate intonational information to infer a speaker’s intended meaning. But not
all components of an intonation contour contribute to
meaning equally well. Prenuclear pitch accents, tonal
events preceding the nuclear pitch accent in an utterance, have been described as not reliably mapping
onto discourse meaning. We use mouse tracking to
investigate whether German listeners can use prenuclear pitch accents to predict upcoming referential information in the utterance. Our results are compatible
with the assumption that listeners ignore prenuclear
accents when predicting speakers’ intentions. All materials, data, and scripts can be retrieved here:
https://osf.io/xf8be/.
Keywords: intonation, prosody, predictive processing, mouse tracking

1. INTRODUCTION
The messages that language users intend to convey do
not only depend on what speakers say, but also how
they say them. To understand communicated meaning
infer beyond literal content, listeners must evaluate
and simultaneously integrate information associated
with the rich context and the temporally extended
speech signal. What parts of the speech signal listeners use to infer a speaker’s intention and how they integrate this information in real-time is, however, only
poorly understood. The present paper contributes to
this understanding by investigating the real-time processing of different types of intonational patterns.

that parts of the intonation signal preceding the nuclear contour, i.e. the prenuclear contour, is not relevant for expressing discourse functions. In line with
this belief, prenuclear accents in English have been
described as optional and variable in production [7];
as placed for rhythmic purposes only [6]; They have
lesser acoustic prominence and are less likely to be
identified as prominent than nuclear accents [11].
These findings suggest a lesser role for prenuclear
accents in conveying discourse meaning. Yet this prediction is at odds with certain findings from production experiments. For instance, in English, systematic
differences in the prenuclear region are associated
with the distinction between broad focus and narrow
object focus [e.g. 1, 4]. In German, prenuclear accents
can be used to mark contrastive topics [3]. There is
also a small body of evidence that listeners can attend
to early intonational cues to distinguish questions
from statements [e.g. 20, 21].
The studies cited above show that intonational
cues in the prenuclear region may be weakly associated with discourse meaning. Yet there remain many
questions about the extent to which listeners rely on
early intonational cues for comprehending that meaning. Notably, previous findings are mostly based on
speech production studies or offline perception / rating tasks, leaving open the question of whether prenuclear intonational cues play a role in the real-time processing of utterance meaning. The present study addresses this question by investigating the predictive
use of informative prenuclear accent distinctions on
the interpretation of upcoming referring expressions.
Rational processing of intonation

Positional asymmetries in intonation contours
Intonation refers to the modulation of the fundamental frequency that signals post-lexical meaning. In
many languages, intonation systematically expresses
important communicative functions such as illocutionary force and information structure [e.g. 17]. For
example, in West-Germanic languages like German
or English, the position and form of a f0 movement
can signal a referent as discourse-given or discoursenew [e.g. 22].
Traditionally, a special functional status is assigned
to the last pitch accent in a phrase and the following
boundary tone (i.e. the nuclear contour, e.g. 8). This
focus on the nuclear contour is partly due to the belief
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It has been established that listeners can use intonational cues to anticipate a likely speaker-intended referent even before encountering disambiguating lexical materials [e.g. 9, 25, 30, 31]. Moreover, listeners
rapidly adapt their predictive cue interpretation based
on recent exposure [16, 26, 27]. For example, Roettger and Franke [26, 27] investigated whether German
listeners can anticipate referential intentions (i.e.
whether the upcoming referent is discourse-given or
contrastive) based on either the presence or the absence of an early pitch accent on the auxiliary verb.
After hearing a polar question as in (2a), listeners
heard either an answer like (2b) with a pitch accent

on the auxiliary verb, confirming the proposition under discussion and thus referring to the given referent
(here ‘pear’) or an answer like (2c) with a pitch accent
on the referent, introducing a contrastive referent
(here ‘violin’).
(2a) Hat der Wuggy dann die Birne aufgesammelt?
‘Did the wuggy then pick up the pear?’
(2b) Der Wuggy HAT dann die Birne aufgesammelt.
‘The wuggy DID then pick up the pear.’
(2c) Der Wuggy hat dann die GEIGE aufgesammelt.
‘The wuggy then picked up the VIOLIN.’

Using mouse tracking [e.g. 18, 29], Roettger and
Franke showed that listeners exploit the early nuclear
pitch accent on the verb in (2b) to anticipate the given
referent. Listeners also rapidly learned to use the absence of this pitch accent on the verb in (2c) to anticipated the contrastive referent, long before the contrastive pitch accent on the object was available.
The authors argue that these results are compatible
with the idea that comprehenders rationally adapt
their expectations about otherwise unreliable intonational information in light of confirming evidence. In
other words, for the rational comprehender it seems
irrelevant what the nature of the cue is. What matters
is the reliable co-occurrence of a certain interpretation
and an intonational cue (here: that the absence of a
pitch accent on the verb reliably co-occurs with a contrastive interpretation).
This framework predicts that listeners should also
be able to exploit information about prenuclear accents as communicatively significant iff there is a reliable co-occurrence of prenuclear accent and meaning. But the same rational listener framework also
considers listeners’ prior knowledge of German to the
experiment, in which case we may have predicted that
the lack of a reliable association between prenuclear
accents and referential meaning would lead listeners
in an experimental setting to initially disregard the
prenuclear region of the intonation contour. These
prior expectations can then be rapidly adjusted based
on new experiences, allowing prenuclear form-function mappings to be learned.

2. METHOD
Two of the following three experiments (experiment
2 and 3) were preregistered prior to data collection.
The preregistration files can be retrieved with all materials, data, and analysis scripts from osf.io/xf8be/.
2.1. Participants and procedure

90 German listeners participated in the study (38 men,
52 women, mean age = 25.4 (SD = 3.3)). Subjects
were seated in front of a Mac mini 2.5 GHz Intel Core
i5. They controlled the experiment via a Logitech
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B100 corded USB Mouse. Cursor acceleration was
linearized and cursor speed was slowed down (to
1400 sensitivity) using the CursorSense© application
(version 1.32). Slowing down the cursor ensured that
motor behavior was recorded in a smooth trajectory
as the acoustic signal unfolded.
Subjects learned about a ‘wuggy’- a fantasy creature
that picks up objects. There were 12 objects to pick
up (bee, chicken, diaper, fork, marble, pants, pear,
rose, saw, scale, vase, violin).
Each trial exposed subjects to a context screen,
shown for 2500ms and providing a specific discourse
context in form of a pre-recorded question. Subjects
heard either a polar question (2a), which introduced a
referent as discourse-given, or a neutral question such
as (3). After the context screen, participants saw a response screen with two response alternatives, each
depicting the images of an object in the upper left and
right corner, respectively. Via mouse click, participants initiated an audio playback of a prerecorded answer to the question, specifying which object was
picked up, e.g. the violin or the pear (e.g. 2b-2c). For
any answer to (2a), the referent of the answer stands
in a specific discourse relation to the referent in the
question, as given or contrastive. On the other hand,
for any answer to (3), the object introduces new information, and does not stand in a specific discourse relation to the object referent of the question. If the discourse status of the object is reflected in the prosodic
patterning of the prenuclear region, the listener may
use early prosodic cues to anticipate the object referent. In the absence of any informative cues in the region prior to the lexical object, the listener must rely
on the lexical information in the answer to disambiguate referents.
(3a) Was ist passiert?
‘What happened?’

Subjects were instructed to choose a response alternative as quickly as possible by moving the mouse
cursor over the correct image.
2.2. Stimuli and Materials

Acoustic stimuli were recorded by two trained
phoneticians. Statements were produced with three
different intonation contours (see Fig. 1). The SUBJECT contour exhibits a rising prenuclear pitch accent
on the subject, a high plateau and a falling nuclear
accent on the sentence object. The VERB contour
exhibits an early nuclear high rising accent on the
auxiliary verb “hat”. This contour strongly implies a
verum focus reading, indicating that the proposition
under discussion is true. The OBJECT condition
exhibits a high rising accent on the sentence object,
commonly used to indicate that the object contrasts
with a discourse-salient alternative.

Figure 1: F0 contours used in the experiments.

2.3. Design

In our experiments, these three contours systematically occurred with the referential status of the object.
In experiment 1, the VERB contour occurred when the
object was referentially (and lexically) given, OBJECT
occurred with a contrastive referent for the object
(both as expected for German listeners); In experiment 2, VERB occurred with a given object referent,
and SUBJECT occurred with contrastive object referents; In experiment 3, SUBJECT occurred with given
object referents, and OBJECT occurred with contrastive object referents. In all conditions the OBJECT contours are also used for the LEXICAL disambiguation
(as an answer to the question in 3) which served as a
control condition in which subjects have to wait for
the lexical information in the signal.
Subjects were exposed to 12 blocks of 12 stimuli
each. In all experiments, each block contained 4 trials
referring to the given referent, 4 trials referring to the
contrastive referent, and 4 lexical disambiguation trials.
2.4. Analysis and predictions

The screen coordinates of the computer mouse were
sampled at 100 Hz using the mousetrap plugin [14]
implemented in the experimental software OpenSesame [19]. Trajectories were processed with the package mousetrap [13] using R [24]. For each trial, we
compute the turn-towards-the-target (TTT, see 26, 27
and scripts) as the latest point in time at which the
trajectory did not head towards the target.
We fitted Bayesian hierarchical linear models
which predict TTT values by experimental group (E1,
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E2, E3), discourse relation (lexical, given, contrastive), experimental block (1:12) and their three-way
interaction, using the package brms [5] in R. The
models include maximal random-effect structures, allowing the predictors and their interaction to vary bysubjects (discourse relation × block) and by-target
referents (discourse relation × group × block). We
used weakly informative Gaussian priors centered
around 0 (sd = 100) (see osf.io/xf8be/). In the body of
this paper, we will report the posterior distributions of
relevant predictor levels or differences between levels
directly. We report the posterior means alongside
their 95% credible intervals (CIs) (henceforth in
[square brackets]). A 95% credible interval demarcates the range of values that comprise 95% of probability mass of our posterior beliefs. For practical
convenience, we consider evidence as compelling
when the 95% CI of a difference between predictor
levels does not include 0.
If listeners use prenuclear accents to anticipate the
discourse status of the upcoming referent, we expect
SUBJECT trials to elicit earlier TTTs than OBJECT and
VERB trials. If they disregard prenuclear accents, they
should be as slow as OBJECT trials. In the latter case,
if listeners are rapidly adapting to the reliable co-occurrence of intonational form and meaning [26,27],
we expect them to learn that the prenuclear accent is
informative and thus TTTs should become faster over
the course of the experiment for SUBJECT trials.

3. RESULTS AND DISCUSSION
Figure 2 and Table 1 summarize the results. Looking
at the horizontal cursor positions over time, it becomes clear that there are temporal differences between conditions and experimental groups, with some
conditions leading to a very early turn towards the target (i.e. y-values increase early during the heard utterance). Across groups, listeners turn towards the target between 132-170ms after the acoustic onset of the
noun in the LEXICAL baseline (~872ms).
In E1, there is compelling evidence that VERB trials
elicit earlier TTTs than OBJECT trials, which elicit earlier TTTs than LEXICAL trials. These patterns replicate findings by [27] and suggest that listeners use
both the presence of an early pitch accent in VERB and
the absence of that pitch accent in OBJECT to anticipate the discourse status of the referent. A similar pattern emerges in E2: There is compelling evidence that
VERB trials elicit earlier TTTs than SUBJECT trials,
which elicit earlier TTTs than LEXICAL trials. Again,
listeners use the presence of the early pitch accent in
VERB, but surprisingly, they do not use the even earlier prenuclear pitch accent on the subject to the same
extent. There is no compelling evidence that OBJECT
trials in E1 and SUBJECT trials in E2 elicit different

TTTs (ßdiff = 22 [-36,79]), suggesting that listeners
predictive behavior is similar across these conditions.
Figure 2: Horizontal cursor position of space-normalized
averaged trajectories for experiment 1-3. Semitransparent
lines are averaged trajectories for individual participants.
Grey vertical lines indicate temporal landmarks.

on the auxiliary verb over the course of the experiment.
To sum up, in line with previous studies, we can
confidently say that listeners use an early nuclear
pitch accent on the VERB to anticipate the discourse
status of the referent. We can say that listeners alos
use something in the signal in the OBJECT trials to anticipate the referent. We interpreted this as the absence of the pitch accent on the verb (in line with [26],
[27]). We can say that the very early prenuclear accent on the subject is not systematically used to anticipate the referent. In fact, when the nuclear pitch accent on the verb is not available for comparison in E3,
the predictive advantage of both OBJECT and SUBJECT
trials decreases.
To sum up, it appears as if listeners mainly attend to
what happens on the verb. A (nuclear) pitch accent
leads to anticipation of the given referent, no pitch accent leads to anticipation of the contrastive referent.
The latter inference, however, is only made in direct
comparison to the VERB contour.

5. GENERAL DISCUSSION

Table 1: Estimated time lag between onset of the auditory
stimulus and the turn towards the target in ms. Posterior
means and 95% credible intervals for conditions across experiments.
Exp. 1

Lexical
Object
Verb
>
>
1021 (970;1071)
856 (807;901)
716 (662;766)

Exp. 2

Lexical
Subject
Verb
>
>
1042 (995;1092)
878 (834;921)
762 (717;809)

Exp. 3

Lexical
Object
Subject
>
=
1004 (953;1059)
939 (890;989)
926 (877;981)

In E3, there is compelling evidence that OBJECT trials have lower TTTs than LEXICAL trials, but the data
suggest that they are slower than its counterpart in E1
(ßE3-E1 = 83[23,150]) A similar slowing down pattern
can be found for SUBJECT (ßE3-E2 = 49, [-16, 110]),
which however, is not credibly different from 0.
These patterns suggest that if listeners do not have a
comparison to the early nuclear pitch accent in VERB,
their prediction of the upcoming referent becomes
poorer.
Except for the OBJECT trials in E1 (ßslope = -19[-38, 1]), there is no compelling evidence that any of these
patterns changes over the course of the experiment.
The negative slope in OBJECT trials in E1 replicates
[26]’s findings and suggests that listeners learn to use
the otherwise uninformative absence of a pitch accent
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The present paper demonstrates that listeners ignore
the early component of a complex pitch contour when
predicting the referential status of upcoming expressions. At first sight, our results are not compatible
with the idea that comprehenders rationally exploit
informative intonational cues to predict speaker intentions. In our experiments the prenuclear pitch accent is consistently matched with an upcoming referential interpretation. Nevertheless, neither do listeners use this cue initially, nor do they learn to use it
over the course of the experiment.
This is in line with a diverse body of research suggesting that prenuclear pitch accents must play a different role in communication than nuclear pitch accents. This is also in line with evidence from a recent
artificial language learning experiment [12] which
suggests that prenuclear parts of the intonation contour are ignored by older children and adults, but not
by younger children. [12] suggest that younger children payed attention to the holistic contour and older
children had learned already that in English there is a
strong positional asymmetry in intonation contours
(in line with work from object recognition in vision
[28] and speech sound perception [23]).
In light of the variable nature of prenuclear parts of
intonation contours, we speculate that listeners selectively disregard early prenuclear information in the
intonation contour. Listeners appear to allocate attentional resources to those aspects of the speech signal
that they expect to be most informative for communication.
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Using crowd-sourced data to analyse the ongoing merger of [ɕ] and [ʃ] in
Luxembourgish
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ABSTRACT
Similar to neighbouring German varieties, the recent
language history of Luxembourgish is subject to an
ongoing merger of the alveolopalatal fricative [ɕ]
(deriving from the palatal fricative [ç]) and the postalveolar fricative [ʃ], leading progressively to the
collapse, for example, of the minimal pair frech
[fʀæɕ] 'cheeky, impertinent' and Fräsch [fʀæʃ] 'frog'.
The present study will draw on a large dataset—
which has been recorded using an innovative
smartphone application—consisting of fricative
realisations of more than 1,300 speakers. In an
acoustic analysis, various parameters of the two
fricatives will be studied (Centre of Gravity, spectral
moments, Euclidian distance, DCT coefficients) and
correlated with the speaker’s age. The results show
that the merger is acoustically manifest for nearly all
age groups. Only the oldest speakers keep the two
fricatives distinct.
Keywords: sound
sociophonetics

change,

fricative

merger,

1. INTRODUCTION
The gradual and ongoing merger of the palatal
fricative [ç] with the post-alveolar fricative [ʃ] has
been a long-standing issue in Germanic dialectology.
For various central German dialects ranging from the
west (Cologne) to the east (Berlin), the merger of the
two fricatives has created homophones like
fischte/Fichte '(I) was fishing'/'spruce' [5, 6, 12].
Luxembourgish is also affected by this sound change.
Located in the far west of the Germanic-speaking
area, the Luxembourgish language is spoken by
approximately 260,000 speakers as a first language
(total population of 600,000). Due to national
independence in the 19th century, its primarily
spoken usage and its reduced influence from Standard
German, the local language of Luxembourgish
developed its own pattern in the phoneticphonological development of the fricatives in
question. From the mid-20th century onward, the
palatal fricative [ç] has been moving forward in the
articulatory space and today has developed into the
alveolopalatal fricative [ɕ] [1, 7]. The extract of the
fricative inventory in Table 1 illustrates the
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systematic embedding of the alveolopalatal fricative.
Due to the recent sound change from [ç] to [ɕ], this
fricative is already quite close to [ʃ]. The same
developments discussed here can also be observed in
the voiced counterparts [ʑ] and [ʒ] but will be omitted
for spatial reasons.
Table 1: Extract of the fricative inventory of
Luxembourgish.
Labial

Alveolar

Postalveolar

Alveolopalatal

Uvular

fv

sz

ʃʒ

ɕʑ

χʁ

Note that [ɕ] and [ʑ] are part of a complimentary
allophony: they are realised only after a preceding
front-vowel, while [χ] and [ʁ] are realised after backvowels. Thus, a phonetic merger of one of the
allophones will also have phonological consequences
[9]. A recent study by Conrad [3, 4] focusing on the
spectral peak reported the merger of the two fricatives
as progressing from older to younger speakers. This
research also indicated that the merger is most
prominent in the southern region of the country.
While there is no doubt that the merger is an
ongoing process, it remains unclear how this change
is actually progressing through the speech community
in apparent time. The speaker’s age will thus be the
most decisive factor in the investigation. A broad data
basis of fricative realisations that covers all age
groups is needed to answer the research question. If
a continuously progressing process is expected, will a
gradual increase of the merger’s usage from older to
younger speakers be found? Do parameters like sex
and geographical region have an influence on the
ongoing merger? Furthermore, the behaviour of the
two fricatives in question must be determined: does
only [ɕ] move forward toward [ʃ], or is [ʃ] also
affected in the change?
A corollary aim of this paper is to explore the
possibilities and limitations that arise from the
utilisation of crowd-sourced data.
2. DATA AND METHOD
To trace the sound change in the speech community
convincingly, the main approach of this analysis is to
draw upon as many speakers from all age groups as

Table 2: Age distribution of the speakers.
Age group

Count

Percentage

≤ 24
25 to 34
35 to 44
45 to 54
55 to 64
65+
Total

238
354
241
243
165
79
1,320

18%
26.8%
18.3%
18.4%
12.5%
6%
100%

Up until the 45 to 54 age group, the ratio is quite
even across age groups. However, the two oldest age
groups are less frequently represented in the sample.
This can be attributed to the crowd-sourcing method,
which reaches more younger than older people.
From these 1,320 speakers, a total of 2,552
fricatives were analysed: 1,299 for [ɕ] and 1,253 for
[ʃ]. All recordings were sampled at 44.1 kHz. Figure
1 illustrates the LPC spectra for the two fricatives for
an older and a younger speaker, respectively. The

1591

distinctness of [ɕ] and [ʃ] is obvious for the older
speaker (left), where [ɕ] shows its main spectral peaks
above 3,000 Hz, as opposed to [ʃ], with its main
spectral peak around 2,000 Hz. For the younger
speaker (right), both fricatives exhibit very similar
spectral characteristics. More specifically, [ɕ] has
developed a lower spectral peak around 2,000 Hz,
which increases the similarity to [ʃ].
Figure 1: LPC spectra for [ɕ] and [ʃ] for an older
speaker (age group 55 to 64) (left) and a younger
speaker (age group 25 to 34) (right).
[ʃ]

Sound pressure level (dB/Hz)

Sound pressure level (dB/Hz)

possible and to gather data under (largely) identical
experimental conditions. For data collection, we used
our smartphone application Schnëssen – Är Sprooch
fir d'Fuerschung, designed to document spoken
Luxembourgish through crowd-sourcing [18]. This
app allows large numbers of participants to be
recruited efficiently and quickly. The usual
disadvantages of indirect data elicitation (varying
sound quality, inconsistent metadata and uneven
distribution of groups of participants), however, must
also be accepted [17].
Since April 2018, spoken language has been
collected by the Schnëssen app from approximately
1,500 users who participated in more than 300
recording tasks. The total number of single recordings
amounts to more than 190,000.
The data for this analysis were elicited through
translation tasks from German. As all Luxembourgers
are highly fluent in Standard German, translating
sentences into Luxembourgish works quite well. In
addition to the audio data, basic social information
such as age, sex, region and language competencies
were collected. The various recording tasks in the
Schnëssen app included numerous instances for the
post-alveolar and alveolopalatal fricatives to be used.
However, for the present paper, the analysis will be
restricted to the minimal pair frech [fʀæɕ] 'cheeky,
impertinent' and Fräsch [fʀæʃ] 'frog', where the two
fricatives occur in an identical context. Both items
carried sentence stress.
Table 2 gives an overview of the age distribution
of 1,320 speakers, which represent roughly 0.5% of
all L1 Luxembourgish speakers. Regarding gender
distribution, roughly two-thirds of the participants
were female and one third were male.

40
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The sound files containing the two fricatives were
automatically segmented using the MAUS-system
[15]. All boundaries were checked and corrected
manually using the emuDB-webApp of the EMU
Speech Database Management System (EMUSDMS) [19]. Problematic items, such as noisy signals
or wrong wording, were removed. Signal processing
was conducted with the emuR-library [19]. First, an
additional track with the DFT spectrum was inserted
into the database. The frequency range was reduced
from 500 Hz to 10,000 Hz, which should cover all
necessary spectral characteristics for the two
fricatives. DFT spectra were extracted at the temporal
midpoint of the fricative. All frequency values in
Hertz were converted into Bark values to organise the
results along a perceptually more adequate frequency
resolution. Orienting toward similar studies [8, 12,
13, 14, 16], the following set of spectral parameters
were used. Employing spectra moments [11] gives
information about the Centre of Gravity (CoG),
variance, kurtosis and skewness. Furthermore, the
coefficients from a Discrete Cosine Transformation
(DCT) provides an additional approach to the
quantification of fricative spectra [10, 11]. For both
approaches, the Euclidian distances were calculated
to determine the amount and progression of the
fricative merger.
3. RESULTS
3.1 Spectral moments

The spectral moments of the CoG, variance, kurtosis
and skewness capture crucial characteristics for the
quantification of the acoustical shape of fricatives.
For their calculation, the emuR-function moments
was used.

The scatter plot in Figure 2 shows the values for
the CoG plotted against the variance for the six age
groups. Within the oldest group (65+), a slight
distinction between two fricatives was found. The
tokens for [ɕ] (red) gather predominantly in the
bottom right corner, while the tokens for [ʃ] (blue) are
located in the opposite corner, thereby indicating a
higher CoG for [ɕ]. However, an overlap between the
realisations can also be observed, indicating that in
this age group, the fricatives might not be entirely
distinct acoustically. For all younger age groups, no
group separation is noticeable. Rather, a large overlap
of the fricative realisations is characteristic, making it
safe to assume that both fricatives have merged into
one realisation.
Figure 2: Scatter plots for the distribution of [ʃ] (blue) and
[ɕ] (red) according to the spectral moments of CoG and
variance for the six age groups.

Running an ANOVA for the differences between
the individual CoG for [ɕ] and [ʃ] with the factor age
returns a significant effect (F(5, 1226) = 23.007, p <
0.001). Pairwise, multiple Duncan post-hoc tests
showed significant effects for nearly all combinations
of age groups. The grouping according to the posthoc tests is indicated below the boxplots by the labels
a through e. As expected, the CoG captures the
merger through the age groups quite well. In addition,
there are no differences between male and female
speakers, and geographical region does not play a
role.
However, these differences in CoG do not reveal
the acoustic trajectories of the two fricatives in the
course of the ongoing merger. To investigate this
aspect, the boxplots in Figure 4 depict the CoG for the
fricatives side-by-side per age group. The values for
[ɕ] are rather stable across the age groups at around
18 Bark, indicating that its place of articulation is
hardly changing. However, rather unexpectedly, the
CoG for [ʃ] increases from the oldest to the youngest
age groups, thus suggesting a move backward toward
the alveolopalatal place of articulation. Therefore, it
turns out that the change of the post-alveolar fricative
seems to be the main active component in the merger.
Figure 4: CoG for [ɕ] and [ʃ] in the six age groups.

While the visualisation above illustrates the
distribution of realisations within an age group, it is
also necessary to investigate the individual distance
of realisations within the speakers themselves. This
aspect is shown in Figure 3 for the CoG, which has
been calculated here as the group mean of the
differences between the individual CoG for [ɕ] and
[ʃ]. A constant decline in the difference between age
groups and thus a gradual sound change in apparent
time is clearly visible. The positive value for the age
group 65+ (median value of 0.3 Bark) indicates that
speakers distinguish the fricatives acoustically. With
difference values at around zero for the younger age
groups, it becomes evident that a distinction is not
being made. Note, however, the slightly negative
values for the age groups ≤ 24 and 25 to 34, which
could indicate the beginning of a new divergence of
the two fricatives.
Figure 3: Difference in the CoG between [ɕ] and [ʃ] for the
six age groups. The labels indicate the grouping according
to the post-hoc tests.

1592

3.2 Discrete Cosine Transformation

The DCT offers an alternative way to quantify
spectral characteristics and has proven to capture
differences between fricatives more effectively by
accounting for the entire spectrum [14]. With the help
of DCT, spectral characteristics are represented by a
certain number of coefficients, which are derived
through a progressive transformation of the spectrum
to the corresponding cosine functions. Of particular
relevance are three DCTs: DCT1 gives the slope of
the fricative; DCT2 represents the curvature of the
fricative and is the most efficient parameter,
according to [2, 14]; and DCT3 reflects the amplitude
of frequency in the higher range. For each DFT
spectrum from the centre of each segment, six DCT
coefficients have been calculated with the emuRfunction DCT on the basis of the bark-converted

frequency values (bark-DCT1, bark-DCT2, barkDCT3).
The scatter plot in Figure 5 delivers a similar
impression compared to Figure 2. While for the age
group 65+ one could assume that at least several
instances for [ɕ] are distinct from [ʃ] due to a lower
DCT1, the picture is less clear than for the spectral
moments discussed above. For all younger age
groups, most of the values overlap, thus confirming
the merger.
Figure 5: Scatter plots for the distribution of [ʃ] (blue) and
[ɕ] (red) according to bark-DCT1 and bark-DCT2 for the
six age groups.

methods. Note, however, that even for the most
advanced age groups the distance is never zero
(indicating a complete merger). A spectral residuum,
therefore, is still present, hinting micro-phonetically
at the historically different fricatives.
As for the statistical evaluation, for both DCTs and
spectral moments, age is a highly significant factor in
the ANOVA (DCTs: F(5, 1225) = 4.788, p < 0.001;
spectral moments: F(5, 1225) = 4.969, p < 0.001).
Multiple pairwise post-hoc tests single out age group
65+ (c) as highly different from the rest. As can be
seen from the overlap of groups a and b, all younger
age groups are statistically similar to each other, and
the above-mentioned slight increase in the Euclidian
distance for the two youngest groups is thus not
statistically relevant. Again, the factors 'sex' and
'region' are not relevant to the merger.
4. DISCUSSION

3.3 Euclidian distance

The previous discussion centred around the impact of
one or two spectral parameters. However, as the
fricatives are characterised by either four spectral
moments or three DCTs, it is possible to express the
differences between the fricatives more appropriately
by their distance in a multidimensional space using
the Euclidian distances. Figure 6 shows, as expected,
the highest distance for the age group 65+, suggesting
a more or less clear distinction between [ɕ] and [ʃ].
The subsequent younger age groups are characterised
by continuously decreasing distances. Surprisingly,
the youngest age groups (≤ 24 and 25 to 34) show
slightly increasing distances, which could be seen as
a countermovement to the ongoing merger. The
pattern across the groups is very similar for both
Figure 6: Euclidian distances based on three DCTs (top)
and four spectral moments (bottom) for the six age groups.
The labels indicate the grouping according to the post-hoc
tests.
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From a sociophonetic perspective, the aim was to
trace the progression of the ongoing merger of [ɕ] and
[ʃ] in apparent time. It was found that age is the most
pertinent factor in the ongoing merger. Only the
oldest age group seems to maintain a sufficient
acoustical distance to separate the two fricatives.
Certain spectral characteristics, most clearly the CoG,
confirmed that the merger is progressing gradually
from older to younger speakers. Contrary to the
findings in [3, 4], the factors 'region' and 'sex' do not
play a significant role in the merger. The Euclidian
distance turned out to be the most appropriate
instrument to estimate the merger. Note that these
distances are still greater than zero for the youngest
speakers, meaning that the fricatives are acoustically
not fully merged.
This study revealed also that the merger is mainly
due to the backing of [ʃ], while [ɕ] remains largely
stable across the age groups. This important
information then helps to clarify the steps of the
sound change: In the first phase the former palatal [ç]
turned into alveolo-palatal [ɕ] and in a subsequent
second phase [ʃ] is moving towards [ɕ].
For a further assessment of the merger, it is
necessary to use more diverse speech material,
especially with varying preceding vowels.
Nevertheless, the large number of speakers makes it
possible to draw a reliable path of the sound change
in the speech community.
Finally, the aspect of perception has been
completely excluded from this acoustic study. Further
experiments will reveal how the acoustic impression
of the merger is matched by the listener's perception.
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ABSTRACT
Coronal Stop Deletion has been the subject of
sociolinguistic inquiry in several varieties of
English, and has enjoyed a special place in the
pantheon of variable linguistic phenomena since its
first description in [6]. Robust morphological
conditioning (more deletion in monomorphemes like
pact, than with -ed suffixes like in packed) suggests
a phonological rather than phonetic character.
However, the presumption of a categorical,
structure-preserving, deletion process is largely an
artifact of the articulatory-acoustic relation in stop
consonants; anything less than full closure is not
perceived as a stop. I present Electromagnetic
Articulography results from the speech of several
native speakers of American English, finding that
deletion without residual tongue tip raising is rare,
but some individuals produce articulatory categories
that correlate non-deterministically with perceived
deletion. Further, the investigation of a gradient
measure for degree of tongue tip raising reveals
systematic effects of articulatory interval duration,
task, and morphological class.
Keywords: EMA, articulation, variation, phoneticsphonology interface
1. INTRODUCTION
Linguists interested in variation and the phoneticsphonology interface have been grappling with the
deletion of word-final coronal stops in English for
half a century. Coronal Stop Deletion (CSD,
sometimes called '/t,d/ Deletion') can be
characterised as the surface absence of an underlying
coronal stop that follows a consonant at the end of a
word:
(1)

CCOR → Ø / C _ #

The process has garnered particular attention
because, in addition to varying rates of application
according to phonetic environment, researchers have
observed that word-final coronal stops delete at
different rates according to their word's
morphological class. The basic pattern is for
monomorphemic stops (e.g. in pact) to undergo
deletion more frequently than words where the
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coronal stop constitutes an -ed suffix (e.g. packed).
Semiweak verbs, which form the past with both a
vowel change and a coronal stop (e.g. kept), are
typically found to participate at an intermediate rate.
This morphological conditioning has been robustly
attested in almost every variety of English
investigated, though the size of this effect may be
smaller in British Englishes [10, 11]. Evidence for a
morphological effect is key, because this situates
CSD squarely in the phonology under a strict
modular view that prohibits a morphology-phonetics
interface.
1.1. Interrogating presumed categoricity

More recent investigations into CSD, as well as
work outwith sociolinguistics, have questioned some
of the assumptions inherent to mainstream
approaches. In particular, Browman and Goldstein
[2] provide X-Ray Microbeam evidence for
inaudible tongue tip raising for a coronal stop in the
sequence perfect memory. They demonstrate that an
articulation of comparable magnitude to an audible
coronal stop can be rendered inaudible due to
temporal overlap of surrounding closures (in this
case a preceding dorsal and following labial
closure). This evidence is used to motivate the
Articulatory Phonology [3] framework, which seeks
to recast such apparent allophony as products of the
physiological demands of articulating several
gestures in a short space of time.
The perspective that apparent instances of CSD
are the result of gradient phonetic parameters gains
credence from the idea that morphological
conditioning on rates of CSD could be emergent
from other correlated factors like lexical frequency
[4]. Thus, CSD need not be a discrete phonological
phenomenon. Further, Temple [13] demonstrates a
number of confounding factors in the typical
interpretation of acoustic data for the purposes of
investigating CSD, which have been overlooked in
the vast majority of literature on the topic.
1.2. Categoricity, gradience, and the grammar

Other contemporary analyses continue to take the
CSD's morphological conditioning seriously, but
concede that some portion of apparent CSD must be
attributed to the gradient phonetics. These

theoretical models make different predictions about
where we should find categorical CSD outcomes.
Myers [7] and Bermúdez-Otero [1] draw upon Guy's
[5] account of CSD across a stratified
morphophonology. They stipulate that a gradient
implementation of CSD – 'Coronal Stop Lenition' –
must be constrained to the phonetic module. So
monomorphemes, which pass through several levels
of categorical phonology, should exhibit a higher
rate of categorical deletion than complex words with
an -ed suffix. However, Tamminga [12] reports that
CSD in words with an -ed suffix exhibits priming
behaviour consistent with a zero-allomorphy
explanation. Whatever portion of CSD in -ed
suffixed words can be attributed to zero-allomorphy,
this should manifest as a categorical outcome in
terms of articulation.
Interestingly, the predictions from Myers [7] and
Bermúdez-Otero [1] and Tamminga [12] are not
necessarily
mutually
exclusive.
Something
resembling a categorical implementation of CSD
could take place in both the morphology and
phonology. However, Bermúdez-Otero [1] stipulates
that the phonology need not be structure-preserving,
and a token with residual tongue-tip raising may still
be a member of a category that is distinct from full
[t]. In other words, full [t] and undershot [t] could be
allophonic outputs of a phonological CSD process.
Zero-allomorphy, on the other hand, must present
itself as a true articulatory zero; if there was never a
coronal stop to begin with, there is no reason to
expect tongue tip raising.

(LL). In addition, speakers wore a lensless glasses
frame held in place with surgical tape, with three
more sensors aligned at the bridge of the nose and
each mastoid to define the sella-nasion plane. This
plane was used to define new axes, whose origin
was set to a final sensor adhered to the upper
incisors (UI), thus correcting active articulator
movement for head movement.
2.2. Data manipulation

For each instance of a word-final coronal stop, the
TT position on the inferior-superior axis was
isolated across a suitable local interval (~0.3s before
and after). This TT trajectory was then fitted with a
cubic spline for smoothing, and the precise time and
TT height at key points on the spline were extracted
as illustrated in Fig. 1.
Figure 1: Diagram illustrating key points for
speaker-normalised measure of TT raising.

2. DATA & METHODS
2.1. Procedure

Synchronised acoustic and articulatory data for 5
native speakers of American English were recorded
using an NDI Wave Electromagnetic Articulograph
(12 subjects recruited, data from 2 found corrupted
and discarded, 5 turned away for ineligibility).
Subjects performed several tasks designed to elicit
quasi-naturalistic speech: a map task, a semantic
differential task, two reading passages, and two
word lists. This was based on the design of the ESPF
DoubleTalk Corpus [9], but modified to prompt as
many relevant items from each speaker as possible.
Suitable tokens were instances of underlying wordfinal coronal stops following a consonant, with no
adjacent coronal segments. The procedure yielded
acoustic and articulatory data for 362 tokens in total.
Electromagnetic Articulography (EMA) sensor
coils were adhered to three active articulators: the
tongue tip (TT), tongue dorsum (TD), and lower lip
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T is the TT height maximum corresponding to
raising for a coronal stop. A and B were defined at
TT height minima immediately preceding and
following T respectively, representing adjacent
articulatory targets. For each T, the distance from
line AB to T (h) was taken and redefined as a
proportion of raising from line AB to a speakerspecific maximum TT height MAX (H), which
corresponds to the highest recorded TT height in a
token from that speaker. This proportional measure,
'TT raising' (h/H), is operationalised as a speakernormalised value to quantify the degree of effort
expended, and thus magnitude of lenition.
3. RESULTS & DISCUSSION
3.1. Acoustics vs. articulation

It is well understood that the acoustic signal does not
always fully reflect details of articulatory movement.
An example of this is covert TT raising in apparent

CSD. Table 1 shows how instances of no TT raising
( 0mm from line AB) only make up a small portion
of coronal stops in each grammatical class.

articulatory movement. Fig. 3 shows raw TT height
distributions from the remaining three speakers
whose profiles are more bimodal.
Figure 3: Distribution of raw tongue tip heights
in Speakers 1, 3 and 4.

Table 1: Audible stops, inaudible with TT
raising, and inaudible without raising.

Mono
Complex
Semi
Total

123 (79%)
139 (72%)
13 (93%)
275 (76%)

Inaudible
+ Raising - Raising
29 (19%) 4 (3%)
42 (22%) 11 (6%)
1 (7%)
0 (0%)
72 (20%) 15 (4%)

S1

Total
156
192
14
362

S3

S4

0.20

In the current data, the expected morphological
conditioning on CSD rate does not obtain. This is
very likely to be a result of the sample size, which is
much smaller than is possible in a non-articulatory
study. The issue is compounded by the requirement
to discard word-final coronal stops with adjacent
coronal segments, which constitute some of the most
favourable conditions for CSD.
3.2. Individual Differences

0.15

Audible
Release

Density

Audible

0
1

0.10

0.05

0.00
-10

There is doubt from some [2, 13] that CSD is a
categorical phonological process at all. Under this
view, articulatory zeroes can be interpreted as one
end of a continuum of lenition. Certainly, Fig. 2
shows raw TT height distributions from two
speakers who seem to show the kind of unimodality
this would predict.
Figure 2: Distribution of raw tongue tip heights
in Speakers 2 and 5.
S2

S5

0

10

-10

0

10

-10

0

10

Raw TT Height (mm from UI)

Of particular interest in Fig. 3 are Speakers 3 and 4,
whose entire lower end of TT height is populated
with inaudible coronal stops. This suggests that the
speakers have an undershot [t] allophone, and
inaudible stops under the higher peak are a result of
gradient phonetics. Almost all of Speaker 1’s
inaudible stops have a low TT height, which could
be interpreted as evidence that this kind of allophony
can exist primarily in the articulatory domain and
need not result in audible CSD categories.
3.3. Systematic variation in lenition

Density

0.15

While articulatory data is useful for shedding light
on the presumed categoricity of a phenomenon like
CSD, we can also explore how the articulatory detail
varies in a gradient dimension.

Audible
Release

0.10

0
1

Table 2: TT raising predicted by mixedeffects linear regression: fixed effects.

0.05

0.00
-5

0

5

-5

0

5

Raw TT Height (mm from UI)

On the other hand, categoricity in CSD need not
manifest itself as the complete absence of
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(Intercept)
logInterval
taskSemdiff
taskScript
taskWdList
Zipf
t/dT
gramMono
gramSemi

Estim.
0.892
0.308
-0.048
-0.047
-0.300
0.004
0.030
-0.072
-0.031

Std. Err.
0.074
0.028
0.050
0.041
0.051
0.006
0.040
0.036
0.069

DF
21.4
351.6
94.8
125.7
95.1
30.0
67.7
44.2
143.6

t Value
12.058
10.893 ***
-0.966
-1.169
-5.866 ***
0.624
0.765
-2.024 *
-0.455

Table 2 shows fixed effects from linear regression
predicting TT raising, with random intercepts for
Speaker and Word. Unsurprisingly, there is a strong
effect of interval duration such that shorter time
between adjacent articulatory targets A and B results
in significantly less tongue tip raising. This
correlation is shown in Fig. 4. Tokens below the
dashed line (line AB), where no tongue tip raising
was observed, also seem to occur most frequently
when a speaker has a shorter interval to produce a
stop.

shows a morphologically conditioned lenition effect
in the same direction as the robustly attested
morphological conditioning on the rate of CSD.
However, this kind of morphological conditioning
on gradient phonetics cannot easily be accounted for
under strict modularity.
Figure 5: Magnitude of TT raising for coronal
stops in words of different morphological class.

Figure 4: Magnitude of TT raising across
interval durations.

4. CONCLUSIONS

One surprising result from Table 2 is that speakers
show less TT raising – more lenition – when
performing a wordlist task than when providing
directions for a map task. If we expect lenition
phenomena to be flouted in more formal styles, and
the wordlist draws the most attention to speech, we
would expect the most TT raising in this task.
However, from an information theoretic perspective,
a speaker participating in a dyadic map task
experiences the greatest pressure to communicate
clearly, while the wordlist exerts the smallest
amount of this pressure.
A final interesting result in Table 2 concerns
morphological class. While Zipfian lexical
frequency shows no significant effect on TT raising,
there is a marginally significant difference between
complex words and monomorphemes such that
monomorphemes show slightly less tongue tip
raising. Fig. 5 shows distributions of TT raising in
each morphological class. Tokens below the dashed
line exhibit no TT raising. This is a similar result to
what Purse and Turk [8] observed for Southern
Standard British English. It is noteworthy because it
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The presumption of categoricity in CSD is deeply
flawed, and it is clear that true articulatory zeroes
actually only constitute a small proportion of
inaudible stops. However, if we extend our
understanding of categoricity beyond just instances
of true articulatory zeroes, some individuals exhibit
a covert allophony in terms of the raw TT height
achieved for coronal stops. This appears to be highly
correlated with CSD, but not deterministically. It
remains a challenge to collect sufficient articulatory
data to explore the relationship between this kind of
allophony and the factors that have been observed to
influence rates of CSD in the past. Specifically,
predictions about the behaviour of different
morphological classes in terms of categoricity and
true articulatory zeroes are unresolved. Further,
significant effects of articulatory interval, task, and a
marginally significant effect of morphological class
on TT raising suggest that the articulatory detail of
coronal stop production varies systematically. This
may pose a problem for many classic views of
speech production that prohibit grammatical
conditioning in the domain of gradient phonetics.
Finally, there remains the crucial question of how
the learner can acquire something that they may not
be able to directly perceive.
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ABSTRACT
Since the turn of the millennium, the emergence of
so-called (multi-)ethnolects has been observed in different cities of German-speaking Switzerland. This
way of speaking differs significantly from traditional
Swiss German dialects. However, a sociophonetic investigation of these varieties is lacking for the time
being.
The present study provides an acoustic analysis of
plosive voicing in two groups of Zurich German
speakers. Traditional Swiss German dialects are reported to show a contrast between two categories of
homorganic plosives (fortis vs. lenis) which is based
on closure duration, but not on voicing. We compared
the proportion of voicing in lenis plosives of 20
speakers with a multicultural and of 10 speakers with
a monocultural background. Our results support the
view that multicultural speakers of Zurich German do
indeed use voiced lenis plosives as a sociophonetic
marker, whereas monocultural speakers adhere to the
traditional fortis-lenis pattern.
Keywords: Sociophonetics, (Multi-)ethnolects,
Swiss German dialects, Voiced plosives
1. INTRODUCTION
In the last decades, new ways of speaking – so-called
(multi-)ethnolects – have been observed in multiple
European cities with relatively high proportions of
migrants (cf. §2). In this study, we investigate a particular phonetic feature that distinguishes (multi-)ethnolectal Zurich German from the dialect of monolingual speakers who only acquired Zurich German before kindergarten.
Traditionally, voiced plosives are lacking in Zurich German (as in all Alemannic varieties spoken in
Switzerland). Instead of the feature [±voice], these dialects display a so-called fortis/lenis distinction (cf.
§3). However, many immigrant languages represented in German-speaking Switzerland (such as Albanian, Serbian, or Portuguese) do have voiced plosives in their phoneme inventories. Therefore, voiced
plosives may arise as a sociophonetic ‘marker’ (in the
sense of [17]) in Swiss German dialects.
The present contribution is organized as follows.
First, we will give a few hints at the growing body of
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research on (multi-)ethnolects in Europe (§2). Afterwards, the fortis/lenis distinction in Swiss German dialects will be presented (§3). ‘Swiss German’ serves
as an umbrella term for the various Alemannic dialects spoken in German-speaking Switzerland (Zurich German is one of them). After a section dedicated
to data collection and analysis (§4), the results will be
presented (§5) and discussed (§6).
2. (MULTI-)ETHNOLECTS
New vernaculars of adolescents have emerged in urban areas all over Europe since the new millennium.
In neighborhoods with relatively high proportions of
migrants, new linguistic practices have developed.
These vernaculars differ on several linguistic levels
from the language varieties traditionally spoken in the
respective area and probably serve the expression of
group identity, being indexical of ‘otherness’ with respect to the host country. While syntactic and lexical
differences are most noticeable, there are also differences in phonetic features both on the segmental level
[13] and on the suprasegmental level [10, 26, 28].
(Multi-)ethnolects first arose as varieties of Germanic languages, in particular in Scandinavian countries [22], Great Britain [6, 14, 26] and in Germany
[1, 13], but particular forms of migrant youth speech
have also been investigated in France [10, 20], for example. While the relevant features seem to differ with
regard to the norms of the standard language, there
are also commonalities between different (multi-)ethnolects, at least in Germanic languages. For example,
a reduction of complexity can be witnessed on the
syntactic level, such as the absence of locative prepositions (e.g. I’m going countryside [14], geh’mer
Tankstelle ‘Let’s go gas station’ [1], Ich bin HB ‘I am
main station’ [27]). In addition, certain borrowings
can be found regardless of the host languages (i.e.,
from Arabic wallah used as a generic intensifier in
Danish [21] or German [9]). Regarding prosody, a
tendency towards a (non-Germanic) syllable-timed
rhythm has been proposed for several (multi-)ethnolects of Germanic languages [1, 27, 28].
In the present paper, we investigate a segmental
feature of the (multi-)ethnolect spoken in Zurich, i.e.,
the voicing of the traditionally voiceless lenis plosives /b̥ d̥ ɡ̊/.

3. FORTIS AND LENIS PLOSIVES IN SWISS
GERMAN DIALECTS

4.1. Speakers

Since the late 19th century, the terms ‘fortis’ and ‘lenis’ have been used for the description of a contrast
in intensity and duration made between plosives in
Swiss German dialects [23, 30]. In phonetic transcription, the voiceless lenis stops of Swiss German dialects are usually represented by adding the diacritic
for devoicing to the symbols of voiced plosives [b̥ d̥

ɡ̊] (cf. [11]). Acoustically and perceptually, the most
relevant phonetic features have proven to be of durational nature [29]. Overall duration, and in particular
closure duration (but not VOT), differs significantly
between fortis and lenis plosives (see [18] for a research overview). A significant difference of closure
duration was found not only in Zurich German [8,
29], but also in other Swiss German dialects [12, 15].
Recently, it has been discovered that fortis and lenis
stops also yield F0 differences in the following vowels [18].
Regarding Swiss German (multi-)ethnolects, it has
been claimed that the voicing of lenis plosives is one
of its most salient features [25, 27]. For the time being, however, the evidence for this claim is purely anecdotal. Thus, the present study provides the first empirical investigation of plosive voicing in a Swiss
German ethnolect. Furthermore, a considerable number of studies have investigated the durational properties of fortis and lenis plosives (following the ‘classical’ claim by Winteler [30)], whereas it appears that
voicing itself has not been systematically examined
either in Swiss German plosives (with the exception
of [5]). Nevertheless, voicing of lenis stops may occur, at least occasionally, also in ‘native’ Zurich German [18].
Thus, in order to verify the fundamental hypothesis of our study, i.e., (multi-)ethnolectal speech differs
from traditional Swiss German with respect to the
voicing of lenis plosives, we analyzed two different
groups of speakers, one with a multicultural and one
with monocultural background. In the next section,
we present the recorded informants, the speech material and the analysis procedure.
4. DATA AND METHODS
The data was collected from two different groups of
adolescent and young adult speakers, which we labelled MULTI and MONO. These two terms refer to the
members of the group either having a multicultural
sociolinguistic background or having a mostly monocultural background. The main focus of our study is
on the multicultural group, while the monocultural
group serves as a control group.
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The first group of speakers (MULTI) is a sample set of
an ongoing research project which aims at describing
the sociophonetic features that characterize
(multi-)ethnolects spoken Zurich. The second group
(MONO) forms a subset of the speakers recorded for a
previous study which analyzed F0 effects of fortis and
lenis plosives in Zurich German [18].
4.1.1. Multicultural speakers
The multicultural group is composed of 20 speakers
(12 females; mean age = 13.60 years; SD = 0.50).
Most of the adolescents in this group spoke additional
languages to Zurich German before they entered kindergarten, and some of them acquired Zurich German
after kindergarten. Their self-reported use of Swiss
German (the umbrella term used in the questionnaire)
started on average with 4.35 years (SD = 3.09). The
heritage languages of the multicultural group include
– but are not limited to – the following (in alphabetical order): Albanian, French, Kurdish, Portuguese,
Punjabi, Serbian, Singhalese, Somali, and Tamil. In
most cases both parents are citizens of another country. The speakers are all part of the same social network because they attend two parallel classes of the
same secondary school located in a predominantly
multicultural neighborhood of Zurich [24]; in about
half of the cases, they also go to the same class.
4.1.2. Monocultural speakers
In the ‘control group’, there are 10 speakers (all females; mean age = 24.30 years; SD = 4.92). Not only
are these informants ten years older than those of the
multicultural group, they also have a different educational status, given that all of them are university students. Most of them also know additional languages
(such as English, French, or Italian), but they learned
those languages only in a classroom setting. Though
the speakers of this group did not meet, they surely
share the same sociocultural background.
4.2. Material

From both groups, read speech was recorded in a battery of carefully designed test sentences. The MULTI
group produced bilabial, alveolar, and velar lenis plosives which occurred word-initially and word-internally in meaningful sentences read aloud. The MONO
group produced target words embedded in carrier sentences which contained including bilabial and alveolar lenis plosives word-initially.
In the multicultural group, there were 10 sentences
for each of the three investigated plosives: 5 wordinitially and 5 in word-internal position, resulting in

30 occurrences per speaker and 600 data points in total. To avoid assimilation effects, all plosives occurred after vowels and 25 of them occurred in intervocalic position. In the monocultural group, there
were 10 sentences each for the two investigated plosives, resulting in 20 analyzed occurrences per
speaker and 200 data points in total. All plosives occurred in prevocalic position, six of them in intervocalic and nine in postnasal position – the remaining
five plosives occurred after a trill.
For both groups, the recordings consist of readaloud speech. Note that Swiss German is a non-standard variety and therefore no official orthography exists. In both cases the sentences were written according to the orthography principles established by Dieth
[7], and speakers were familiarized with some of
these principles prior to the recordings. For the multicultural group, recordings were made in a separate
empty room at the adolescents’ school (sample rate
44.1 kHz; 16-bit encoding). Recordings for the monocultural group were made in a recording booth in the
University of Zurich Phonetics Laboratory (sample
rate 48 kHz; 24-bit encoding). In both cases, sentences were presented individually on a computer
screen in random order.
4.3. Data Analysis

We carried out an acoustic analysis of the lenis plosives and their proportion of voicing. Subsequently,
we tested statistically whether there was an effect of
sociolinguistic background and/or place of articulation. It was expected that the proportion of voicing
depended on vocal tract length (i.e., the more front the
place of articulation of the plosive the bigger the proportion of voicing) [19].
4.3.1. Acoustic Analysis
The target lenis plosives were manually identified in
each sentence of each MONO and MULTI speaker. For
each plosive, we calculated the proportion of voicing
using Praat [4]. To do so we used the function ‘Voice
Report’ (VR), which returns, among other things, the
‘fraction of locally unvoiced frames’ in a segment.
When this number is subtracted from 1, the result is
the portion of the segment which is acoustically periodic as a result of vocal fold vibrations (i.e., the proportion of voicing), ranging from 0 (completely unvoiced) to 1 (completely voiced).
4.3.2. Statistical Analysis
Statistical analyses were carried out with the R software (version 3.2.2) and its lmerTest package (v. 2.020; [16]). We ran mixed-effects regression models on
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degree of voicing of lenis plosives (i.e., proportion of
voicing) [3]. We performed two analyses.
First, we examined the difference in voicing of
plosives between the two sociolinguistic groups
(monocultural vs. multicultural). The fixed part of the
model comprised the factor ‘Background’ (MONO vs.
MULTI) and the random part of the model included
random intercepts for participants and sentences.
Second, since the multicultural speakers produced
plosives at three places of articulation /b̥ d̥ ɡ̊/ whereas
the monocultural speakers only produced bilabial and
alveolar plosives /b̥ d̥/, we ran separate models for the
two groups in order to examine the effect of the factor
‘Plosive’ (i.e., place of articulation). In these models,
the fixed part was composed of ‘Plosive’ and the random part of the model included random intercepts for
participants and sentences, and a random slope allowing for the effect of ‘Plosive’ to differ across participants.
Significance of the main effects and interactions
were assessed using a p-value (from the Satterthwaite
approximation for degrees of freedom implemented
in the lmerTest package) below 0.05 for the main effects and a t-value above 1.96 for the estimates. Following Baayen [2], in order to ensure that the results
in our final models were not driven by a few atypical
data points, residuals larger than 2.5 times the standard deviation were considered outliers and removed.
5. RESULTS
First, the proportion of voicing as a function of the
sociolinguistic background (MONO vs. MULTI) was
compared. A bigger proportion of voicing was expected for the multicultural speakers, based on previous evidence in exemplary studies [25, 27]. Then, the
two groups were analyzed separately because they did
not produce the same plosives (/b̥ d̥/ vs. /b̥ d̥ g̊/). Here,
the proportion of voicing as a function of ‘Plosive’
was investigated for the two groups separately.
5.1. Effect of Sociolinguistic Background
Figure 1: Proportion of voicing as a function of sociolinguistic background.

Figure 1 presents the proportion of voicing as a function of the sociolinguistic background. As can be
seen, an effect of sociolinguistic background is present: despite the presence of two outliers among the
monocultural speakers, multicultural speakers present a significantly higher proportion of voicing than
monocultural speakers (0.72 and 0.29, respectively;
β = 0.47, SE = 0.05, t = 8.61; F(1, 38) = 74.10,
p < .001).
5.2. Effect of ‘Plosive’

Figures 2a and 2b present the proportion of voicing as
a function of plosive and sociocultural group. As far
as the monocultural speakers are concerned (Fig. 2a,
top), no considerable voicing difference is observed
between the two plosives /b̥ d̥/ (0.34 and 0.25, respectively; β = -0.09, SE = 0.05, t = -1.69; F(1, 18) = 2.86,
p = .11). The two outliers observed in the monocultural group (Fig. 1) are tokens of the plosive /b̥/ with
a high degree of voicing (Fig. 2a). Nevertheless, the
absence of a difference between the two plosives in
monocultural speakers was not due to the presence of
these two outliers.
Figures 2a and 2b: Proportion of voicing as a function of the plosive and sociolinguistic background.

Regarding the multicultural speakers (Fig. 2b, bottom), a significant effect of plosive is observed (/d̥/ in
comparison with /b̥/: β = -0.54, SE = 0.01, t = -2.69;
/g̊/ in comparison with /b̥/: β = -0.12 SE = 0.02,
t = -5.77; F(2, 27) = 16.72, p < .001). Bilabial plosives show a higher proportion of voicing than the alveolar ones (0.78 and 0.72, respectively). In turn, alveolar plosives are more voiced than velars (0.67).
6. DISCUSSION
Regarding the proportion of voicing of lenis plosives
in different varieties of Zurich German, we have
found a difference between the two groups (MONO vs.
MULTI). It is true that there is voicing of lenis plosives
in both groups. But whereas the occasional voicing
among monocultural speakers can be explained by interspeaker variation and contextual assimilation (for
instance, a fully voiced bilabial lenis stop is reported
by [18] after /m/ of the preceding word), the multicultural speakers’ rather consistent voicing is not as easily explained because all plosives in the test sentences
occurred in postvocalic position.
One possible explanation comes from interference. Whereas traditional Swiss German lacks a voicing contrast in plosives, most of the (additional) native languages of the multicultural speakers have this
distinction which they might then transfer also to their
pronunciation of Zurich German.
In addition, we found a difference between the
places of articulation produced by the multicultural
speakers. The proportion of voicing is largest for the
bilabial plosives, followed by alveolar and velar ones.
This effect of vocal tract length on the proportion of
voicing can be explained by aerodynamic reasons, for
why voiced velar stops are hard to produce [19].
By contrast, we could not find any difference between proportion of voicing for the bilabial and alveolar plosives produced by the monocultural speakers.
This could be due to interspeaker variability as well
as the smaller sample size (nMono = 10 vs. nMulti = 20).
In conclusion, the results of our study suggest that
the voicing of plosives in Zurich German may constitute a sociophonetic marker, hence an expression of
identity in (multi-)ethnolectal speakers. However,
other explanations are also conceivable (e.g., gender
or/and age). Nevertheless, it is clear that different
community norms exist between the two groups investigated in our study.
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ABSTRACT
This study examines Voice Onset Time (VOT) in
Finnish /b, d, ɡ/ and /p, t, k/ in initial position. The
study aims to investigate whether a contrast is
observed between phonological voiced (borrowed)
stops versus voiceless (native) stops in initial
position, and if so whether it is manifested as a
phonetic VOT contrast. The status of /b, d, ɡ/ and
especially of the borrowed /b, ɡ/ has been the topic
of some debate, but not many empirical studies on
the phonetic properties of these phones exist. This
exploratory study shows that young speakers with
knowledge of English and (Fenno-)Swedish show a
tendency of prevoicing /b, d, ɡ/. Prevoicing the /b, d,
ɡ/ series could stem from influence from (Fenno)Swedish or simply from the need to keep /b, d, ɡ/
separate from the native voiceless unaspirated /p, t,
k/ series.
Keywords: Voice Onset Time, loanwords, Finnish,
plosives, language contact.
1. INTRODUCTION
The consonant inventory of Finnish contains the
native phonemes /p, t, d, k, m, n, ŋ, l, r, s, ʋ, j, h/ and
the borrowed phonemes /b, ɡ, f, ʃ/ [7]. The present
study is concerned with the Voice Onset Time
(VOT) in the two stop series /b, d, ɡ/ and /p, t, k/.
The aim is to investigate whether a contrast is
observed between phonological voiced (borrowed)
stops versus phonologically voiceless (native) stops
in initial position, and if so whether this contrast is
manifested phonetically as a VOT contrast.
The phonemes /b, ɡ/, which occur in recent
loanwords only [3], are regarded as “foreign” by
native speakers of Finnish and often substituted by
/p, k/ respectively [7]. The phoneme /d/ is regarded
as more “native” than /b, ɡ/ but is still considered
“strange” and often not pronounced or replaced by
/t/ or /r/ in casual speech [7]. Historically, /d/ derives
from the voiced dental fricative /ð/. The use of the
grapheme <d> in the standardisation of Finnish
orthography, which was led by the Swedish elite,
who pronounced /ð/ as [d], may have played a role
in the change from a fricative to a stop [3].
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In native words, the phonological distribution of
/d/ is limited to medial position where /d/ primarily
occurs as the weak grade of /t/ in
morphophonological alternations [3]. The marginal
role of /d/ is reflected in first language acquisition.
Cross-linguistically, /d/ is typically acquired early
due to ease of articulation, but in Finnish, /d/ is
among the last consonants to be acquired [7, 8]. In
initial position, /b, d, ɡ/ only occur in recent
loanwords [14]. In older loans, /d/ was replaced with
/t/ and spelled with <t>, e.g. tilli from Swedish dill
(dill) [16]. Examples such as penkki from Swedish
bank (bench) suggest that this may have been a
general way of incorporating loanwords that contain
voiced stops in the source language.
The functional load is low for /b, d, ɡ/, and
interestingly, lower for the native /d/ than for the
borrowed /b, ɡ/ [17]. Suomi, Toivanen & Ylitalo
[16] note that speakers who have /d/ in their
inventory do not necessarily also have /b/ or /ɡ/. The
borrowed stops /b, ɡ/ are most common among
young, well-educated speakers who live in urban
areas and speak a foreign language containing a
laryngeal contrast for stops, such as English or
Swedish. Furthermore, /b, d, ɡ/ are mostly used
when speaking slowly in a formal register [16].
The /p, t, k/ series are voiceless unaspirated with
a weak release burst [16]. Despite the fact that /t/ is
typically voiceless while /d/ is typically voiced, the
/t/-/d/ contrast is not a simple voicing contrast. /t/ is
a laminal dentialveolar [t̪ ], whereas /d/ is an apical
alveolar [d̺]. Moreover, /d/ has very short occlusion
and can be categorized as something in-between a
flap and a plosive [16]. Ogden [10] argues that
occlusion duration may be the primary cue to the /t//d/ contrast in medial position, whereas Hänninen
[5] and Suomi, Toivanen & Ylitalo [16] argue that
the primary difference between Finnish /t/ and /d/ is
in place of articulation.
According to a small study of one speaker from
Tampere by Brown & Koskinen [3], VOTs are
consistently negative for /b, d, ɡ/ and positive for /p,
t, k/. The only example provided is the contrast
between taite (fold) and taide (art), so it is unclear
whether all stops in this study were medial. The
present study extends our knowledge of the phonetic
properties of the Finnish plosives by examining 11
speakers’ VOTs in /b, d, ɡ/ and /p, t, k/ in initial

position, where /d/, as well as /b, ɡ/, only occurs in
recent loanwords.

Figure 1: Banaani with negative VOT (-75 ms).

2. METHODS
11 native speakers of Finnish (11 F, mean age = 25.1
years) participated in the study. They lived in and
around Jyväskylä, Central Finland. All speakers
were current or former university students and had
learned at least English and Swedish in school and
most of them also German and/or another foreign
language.
The recordings were elicited by means of a selfpaced picture naming task. The participants were not
informed about the focus of the study. Instead, they
were told that the study was on picture recognition.
Speakers were recorded individually in a silent room
at Jyväskylä University and were compensated with
lunch coupons or a movie ticket.
Sixteen pictures were presented on a computer
screen in random order. Eight pictures depicted a
loanword beginning with one of the voiced stops /b,
d, ɡ/, two nouns for each stop. Five pictures depicted
nouns beginning with /p, t, k/. The remaining
pictures, which worked as fillers, depicted
loanwords and native words beginning with other
consonants or a vowel.
The pictures did not always elicit the expected
word. For example, the picture depicting a bulldog
was expected to elicit the loan doggy, but none of
the speakers said doggy. Two speakers said bulldog
and the remainder said koira (dog). Productions
were included in the analysis, in so far as the
produced word started with a plosive.
VOTs were measured manually in Praat [2].
Figures 1 and 2 show a prevoiced banaani token and
a voiceless banaani token, respectively. Two tokens
had to be removed due to background noise and one
due to an instance of creaky voice that made reliable
VOT measurement impossible. Table 1 presents an
overview over the tokens in the final dataset.
Table 1: Number of tokens, by word and plosive.
/b/
banaani

24
11

/p/
purjevene (sailboat)

28
7

baletti
ballarina

8
3

pyramidi
poliisi

10
11

bulldog

2

/d/
dalmatialainen

10
10

/t/
tennis

11
11

/ɡ/
gondoli

17
8

/k/
kissa (cat)

20
11

golf

10

koira (dog)

9

Figure 2: Banaani with positive VOT (12 ms).

3. RESULTS
As expected, all voiceless stops had positive VOTs.
The grand mean (see Table 3) is negative for all
voiced stops, suggesting a tendency for prevoicing
of /b, d, ɡ/, but there is considerably more variation
in VOT for /b, d, ɡ/ than for /p, t, k/ (see Figure 3),
and not all voiced stops have negative VOTs.
The data was subjected to a linear mixed effects
model in R [12] with the help of the lme4 package
[1]. The model had an interaction term between the
two fixed effects phonological voicing and place of
articulation and a maximum random effects
structure (random intercepts for word and speaker
and random speaker-slopes for the fixed effects and
their interaction). Differences in VOT between
voiced and voiceless stops and between different
places of articulation were tested by means of
orthogonal contrasts. Table 2 shows an overview
over the statistics of this model, and the model
formula was:
lmer (VOT ~ Voicing * Place + (1|Word)
+ (Voicing * Place|Speaker))
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The model showed a significant difference in
VOT between the phonologically voiced stops and
the phonologically voiceless stops (p = 0.001),
suggesting that VOT is generally lower for the /b, d,
ɡ/ set than for the /p, t, k/ set. The model moreover
showed a significant VOT difference between
coronals and dorsals (p = 0.004), while labials did
not differ significantly from the average of the other
two places of articulation. These results suggest that
when controlling for the effect of phonological
voicing, VOT is generally lower for coronals than
for dorsals. The interaction between place of
articulation and phonological voicing was not
significant.

(ELH, EH, MPR, SL) prevoiced some tokens but
not others. One of these speakers (SL) prevoiced
/d/ but not /b, ɡ/, but note that there is only one
/d/ token per speaker, so this observation may not
reflect a systematic pattern. Of the three other
speakers, who all showed variation within the
categories of /ɡ/ and /b/, two prevoiced /d/ (MRP,
EH).
Table 3: Mean VOT by consonant and speaker.
Mean Voice Onset Time (ms)
Speaker
ELH
EH
HO
IMR
JI
ML
MPL
MPR
SL
SM
TK
Across
speakers
Min
Max

Figure 3: Boxplot of VOT for each plosive.

Mean Voice Onset Time (ms)

50

0

-50

-100

b

d

g
p
Consonant

t

b
-63
-64
-71
-76
-63
-83
12
-27
13
34
15

d
8
-116
-79
-69
-33
-133
8
-54
-58

-37
-113
47

-51
-133
17

ɡ
22
-22
-86
-92
-35
-79
27
-6
41
41

p
15
17
12
21
20
15
18
33
24
23
18

t
17
19
11
17
14
7
16
14
13
40
20

k
32
33
57
35
37
40
29
31
46
37
34

-23
-100
44

20
9
38

17
7
40

37
25
63

17

4. DISCUSSION

k

This exploratory study examined Voice Onset Time
in Finnish /b, d, ɡ, p, t, k/ in 11 young speakers and
found a tendency for prevoicing in the /b, d, ɡ/
series, which replicates the findings from the onespeaker study by Brown & Koskinen [3]. The
present study also found a tendency for VOTs to be
lower in coronals than in dorsals, which corroborates
the well-established fact that VOTs are generally
longer for velars than for anterior plosives [4, 9].

While there is an overall tendency for
prevoicing in the phonologically voiced stops,
there is some degree of variation between and
within speakers (see Table 3). Four speakers
(HO, IMR, JI, ML) consistently prevoiced the
voiced stops, three speakers (MPL, SM, TK)
consistently produced the voiced stops with
positive VOTs, and the remaining four speakers

Table 2: Estimates, standard errors, 95% confidence intervals, t-values, and p-values (confidence intervals and pvalues based on profile) for the mixed effects model testing the effects of phonological voicing and place of
articulation on VOT. Significant differences (at the 0.05 level) are highlighted in light grey.

Effect of Voicing
Coded as + ½ voiceless – ½ voiced
Effect of Place (Labial vs. Coronal & Dorsal)
Coded as – 2/3 labial + 1/3 coronal + 1/3 dorsal
Effect of Place (Coronal vs. Dorsal)
Coded as – ½ coronal + ½ dorsal
Voicing * Place (Labial vs. Coronal & Dorsal)
Voicing * Place (Coronal vs. Dorsal)

Estimate
(ms)
56

Std. Error
(ms)
13.6

95% Confidence
interval (ms)
+28 … +83.6

t

p

4.129

0.001

5.8

4.9

–4.3 … +16

1.183

0.236

26.6

7.3

+10.7 … +41.6

3.658

0.004

3.7
–12.542

10
15.274

–16.7 … –24.6
–46 … –18.8

0.368
–0.821

0.701
0.407
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The mean VOTs obtained in the present study for
/p, t, k/ (see Table 3) are slightly longer than the
values Suomi [15] reported (9 ms for /p/, 11 ms for
/t/, and 20 ms for /k/). These longer positive VOT
values may reflect recent changes in Finnish towards
more aspiration of the /p, t, k/ series, which could be
due to influence from English.
The observed difference in VOT between /b, d, ɡ/
and /p, t, k/ amongst the speakers of the present
study supports prior research [16] regarding the
socio-demographics of the use of the borrowed
phonemes. The speakers examined here were all
young and well-educated (or on their way to become
so), lived in an urban area (Jyväskylä) and spoke at
least two foreign languages containing /b, ɡ/ and
initial /d/ (English and Swedish). They thus fall
within the socio-demographic group most likely to
produce a contrast between /b, d, ɡ / and /p, t, k/ and
some of them do. Four speakers showed a consistent
contrast in VOT, three speakers showed a consistent
lack of contrast in VOT and four speakers exhibited
a contrast in some instances but not in others.
Prior research [16] has found that the borrowed
phonemes are more likely to be used in slow speech
and formal registers. This study aimed to create a
situation that would encourage the use of borrowed
phonemes without directing participants’ attention to
these phonemes. The picture naming task was selfpaced, so participants were able to control their
speaking rate, and it can be argued that experimental
setups generally call for some degree of formality.
When /b, d, ɡ/ were pronounced differently from
/p, t, k/, /b, d, ɡ/ were prevoiced, suggesting that the
phonological voicing contrast is being manifested in
Finnish as a phonetic contrast between prevoiced
stops and voiceless, unaspirated stops.
Despite the recent increase in English loanwords
in Finnish [11], this implementation of initial /b, d,
ɡ/ as prevoiced cannot be attributed to influence
from English, since these stops are voiceless
unaspirated in English [9], much like the Finnish /p,
t, k/ series. Influence from (Fenno-)Swedish,
however, may account for the use of prevoicing,
since /b, d, ɡ/ are prevoiced in both Standard
Swedish [6] and Fenno-Swedish [13]. FennoSwedish is a minority language spoken by
approximately 5.1% of the Finnish population, who
live primarily along the coast [13], so the exposure
to Fenno-Swedish in the area around Jyväskylä
should be at a minimum. However, due to the
official status of Fenno-Swedish, Swedish has been
a compulsory school subject since the 1970s [13],
and all participants of the present study reported
having learned Swedish in school.
The finding that the Finnish realization of /b, d,
ɡ/ resembles that of (Fenno-)Swedish more than that
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of English need not be due to a stronger or longer
influence from (Fenno-)Swedish, but may simply be
the result of the need to maintain a contrast with the
/p, t, k/ series. Since English /b, d, ɡ/ are voiceless
unaspirated just like Finnish /p, t, k/, an Englishinspired pronunciation of /b, d, ɡ/ would not create a
contrast with /p, t, k/ in Finnish. It is of course
possible to aspirate /b, d, ɡ/ in order to create a
contrast with /p, t, k/, but while that would result in a
series of unaspirated stops and a series of aspirated
stops like in English, this realization would pair
aspirated stops with the graphemes <b, d, g> and
unaspirated stops with the graphemes <p, t, k>,
which is the exact opposite of the phonemegrapheme pairing in English. Since /t/ and /d/ differ
in place of articulation in medial position in Finnish
(/t/ is a laminal dentialveolar [t̪ ] and /d/ is an apical
alveolar [d̺]), the initial /t/-/d/ contrast could also be
incorporated as a place contrast rather than a voicing
contrast. And while a similar type of place contrast
could be imagined for the /k/-/ɡ/ pair, it is hard to
imagine how the /p/-/b/ pair could contrast in place
of articulation. Prevoicing therefore seems like a
more fruitful way of maintaining a contrast between
the /b, d, ɡ/ series and the /p, t, k/ series.
5. CONCLUSION
This study presents evidence of prevoicing in initial
/b, d, ɡ/ in loanwords in Finnish, suggesting that the
contrast between initial /p, t, k/ and /b, d, ɡ/ is being
manifested in Finnish as a genuine voicing contrast.
All participants in the study were young and welleducated (or on their way to become so), lived in an
urban area and had knowledge of at least two foreign
languages employing /b, ɡ/ and initial /d/, which are
speaker characteristics that have previously been
found to increase the likelihood of the use of
borrowed phonemes in Finnish. Since this is a smallscale study, replication of these result with a larger
group of speakers is required in order to thoroughly
establish if Finnish is developing a voicing contrast
for plosives. Future research should moreover
investigate if the tendency for prevoicing in /b, d, ɡ/
is spreading to older speakers, speakers with less
knowledge of foreign languages, and speakers living
in rural areas. Different speech styles should also be
studied in order to investigate whether the tendency
for prevoicing in /b, d, ɡ/ is spreading to more casual
registers and to faster speaking rates. Finally, the
pronunciation of the borrowed fricatives /f, ʃ/ should
be examined to see if the incorporation of /b, d, ɡ/ as
distinct phonemes is a plosive-specific change or if
Finnish is generally becoming more open to foreign
sounds.
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ABSTRACT
An expatriate (heritage) language can differ along
many
linguistic
dimensions
compared
to
contemporary geographic varieties of the same
language spoken in the community’s country of
origin. Such differences can help answer questions
about language change and the linguistic traits used
by the original settlers. In this study, we explore one
difference between Afrikaans as spoken by a 120year-old expatriate community in Patagonia, and socalled “standard” South-African Afrikaans. We focus
on velar palatalization, a feature with known
geographical variation in contemporary SouthAfrican Afrikaans. Through a dynamic analysis of F1
and F2 trajectories, we demonstrate that Patagonian
Afrikaans, but not “standard” South-African
Afrikaans, uses a palatal glide between /k/ and
following non-back high and mid vowels. We
interpret these results within our broader research aim
of discerning the variety of Afrikaans that was spoken
by the original Patagonian settlers.
Keywords: Afrikaans, velar palatalization, dialect
variation, heritage languages
1. INTRODUCTION
1.1. Research overview

Within South Africa, there is documented dialectal
and regional variation in Afrikaans, with three main
dialects customarily distinguished: (i) Southwestern
Afrikaans spoken in the region surrounding Cape
Town, (ii) the Northern-Cape variety (sometimes
called “Orange-River Afrikaans”), and (iii)
Northeastern Afrikaans, typically considered the
“standard” variety [10,12,13] (see Fig. 1). Given that
the Patagonian-Afrikaans community (i.e., speakers
of Afrikaans who currently reside in Patagonia,
Argentina) originated from the northern regions of
South Africa [4], their Afrikaans is more likely to be
related to the Northeastern or Northern-Cape varieties
than to the Southwestern variety. Furthermore, since
Northern-Cape Afrikaans is spoken primarily by nonwhite speakers (with smaller numbers of white
speakers), the default assumption would be that the
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Afrikaans of the (exclusively white) Patagonian
community will share most features with the
“standard” Northeastern dialect. This, however, rests
on the assumption that the original Patagonian settlers
did indeed originate from the region where
Northeastern Afrikaans is spoken in South Africa
today, and also that the dialect distribution in South
Africa at the turn of the 20th century (the time of the
Patagonian settlement) was sufficiently analogous to
the current situation in South Africa (see Section 4 for
more discussion).
Figure 1: Current Afrikaans dialect distribution

As part of a larger research project aimed at
understanding of the geographical and linguistic
origins of the Patagonian-Afrikaans community, we
are comparing phonetic features of Patagonian
Afrikaans and the “standard” Northeastern variety
(henceforth Standard Afrikaans), relying on features
that are known to differ between Standard and
Northern-Cape Afrikaans. For example, we are
investigating an allophonic rule of /ɛ/-lowering that
applies before /r l k x/ in Standard but not in NorthernCape Afrikaans [3,13], yielding forms for the 1st
person singular pronoun in the different varieties such
as, [æk] in Standard Afrikaans vs. [ɛk] in the
Northern-Cape variety. Although this research is
ongoing, indications are that Patagonian Afrikaans
differs from Standard Afrikaans on these features,
and is thus more reminiscent of Northern-Cape
Afrikaans.
1.2. The current study

In this study, we focus on another phenomenon that
differentiates Standard Afrikaans from the Northern-

visualize formant trajectories in the entire vowel (see
Fig 3).
Assuming that the presence of a high front palatal
glide will result in a low F1 and a high F2, we expect
more extreme rising F1 and falling F2 out of the [k]
if palatalization is present than if not. (This is
expected for all vowels included, though perhaps less
so for high front [i] and [i͡ ə]. Space limitations prevent
us from exploring between-vowel differences here.)
Representative spectrograms for the post-[k] vowel
from the word /kəndərs/ kinders ‘children’ for
Patagonian and Standard Afrikaans are given in
Figure 2, showing that F1 has a slightly steeper rise
and F2 a steeper fall in Patagonian than in Standard
Afrikaans
Figure 2: Post-[k] vowel from kinders for a
speaker of Patagonian Afrikaans (left) with
palatalization (falling F2 and rising F1), and of
Standard Afrikaans (right) without palatalization
(mostly level F2 and F1). Entire vowel is shown.
Patagonian Afrikaans

Standard Afrikaans
5000

Frequency (Hz)

5000

Frequency (Hz)

Cape variety, namely, velar palatalization. NorthernCape Afrikaans palatalizes /k/ before non-back mid
and high vowels, whereas Standard Afrikaans does
not [3,13], yielding different pronunciations for
words like /kənd/ kind ‘child’: [kjənt] vs. [kənt]. If
Patagonian Afrikaans exhibits velar palatalization, it
could be interpreted as evidence that this variety is
more closely related to the modern variety of
Northern-Cape Afrikaans than Standard Afrikaans.
The community that forms the focus of our study
are the descendants of approximately 600 Afrikaans
speakers who settled in central Patagonia, Argentina,
between 1902 and 1906. Due to the remote area in
which they settled, they were fairly isolated for the
first fifty years, and therefore remained functionally
monolingual in Afrikaans until the mid 1950s when
commercial oil exploration resulted in the migration
of Spanish speakers into central Patagonia. Since the
1950s, Spanish has gradually replaced Afrikaans in
the community such that only the oldest generations
(typically over the age of 65) still speak Afrikaans.
We estimate that there are between 20 and 30 fluent
speakers remaining in the community.
That Patagonian Afrikaans survived for over 120
years (rather than the typical 50 years for immigrant
languages [5]) provides an opportunity to investigate
the region in South Africa from which the settlers
hailed, and potentially about the linguistic situation in
South Africa at the turn of the 20th century.

0
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2. METHOD

Time (s)

0.1704

0
0.16

Time (s)

0.2126

5000

2.3. Statistical analysis

Since Afrikaans is primarily a spoken language in
Patagonia, we opted to collect data through
sociolinguistic interviews. We interviewed 14
Patagonian-Afrikaans speakers (mean age 71.3, 5
male) in Patagonia, and 10 Standard-Afrikaans
speakers (mean age 71.5, 6 male) in Potchefstroom,
South Africa.

Results were modelled with Linear Mixed-effects
Modelling in R [6]. ∆F1 and ∆F2 were the dependent
variables, with LANGUAGE VARIETY (Patagonian vs.
Standard), STRESS, and their interaction as fixed
0
effects. GENDER
did not
reach significance and was
0.131
0.2041
Time (s) We included STRESS since
therefore excluded.
Afrikaans unstressed vowels are often reduced [15],
and since speech targets are typically not fully
achieved in such contexts [2]. Random intercepts
were included for SPEAKER and VOWEL INDENTY.
Since data collection was done in the form of
sociolinguistic interviews, we could not control the
frequency with which different words appeared,
resulting in some words appearing only once and
others many times. For this reason, we opted to
include a random intercept for VOWEL IDENTITY ([i ɛ
ə ͡iə, e͡ i]), rather than WORD.

2.2. Acoustic analysis

From each interview, we extracted all instances of [k]
followed by the non-back high and mid vowels [i ɛ ə
͡iə, e͡ i], yielding 1,242 tokens (665 from Patagonian,
577 from Standard Afrikaans). Among the acoustic
markers of velar palatalization [6,8], we focus here on
trajectories of F1 and F2 out of the velar onset into
the vowel. From the vocalic portion of every token,
we extracted F1 and F2 at five equidistant intervals
(starting at the 10% point), and subsequently
calculated ∆F1 and ∆F2—the difference in Hz
between vowel midpoint (50%) and onset (10%).
Although our statistical modelling is limited to ∆F1
and ∆F2, we extracted data beyond the midpoint to
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Frequency (Hz)

2.1. Speakers and data elicitation

3. RESULTS
Figure 3 shows the average F1 and F2 trajectories for
Patagonian and Standard Afrikaans, for stressed and
unstressed vowels, over the course of the time-

normalized vowel. As the figure shows, both varieties
have an initial rise in F1 and fall in F2. This effect is
generally larger for Patagonian than Standard
Afrikaans, and also generally in stressed than
unstressed syllables (though perhaps not for F2 in
Standard Afrikaans). Of the differences between
varieties and stressed vs. unstressed syllables visible
in Figure 3, we chose the difference in F1 and F2
between the 10% and 50% points in the vowel for
comparison in this paper.
Figure 3: Average F1 and F2 trajectories (by
stress) for Pat. & Standard Afrikaans.

Figure 4: Average ∆F1 and ∆F2 for each speaker.
Top panel represents stressed vowels, and bottom
panel unstressed vowels.

(positive ∆F1), and most speakers a falling F2
(negative ∆F2), and that these effects are generally
larger in stressed than unstressed syllables (especially
for ∆F2). The effects are also larger for Patagonian
than Standard-Afrikaans speakers.
The ∆F1 and ∆F2 measures were submitted to
statistical modeling as described above, confirming
the patterns visible in Figures 3 and 4. For ∆F1, we
found significant effects of LANGUAGE VARIETY (p <
.001) and its interaction with STRESS (p = .010), but
not for STRESS alone (p = .180). The effect of
LANGUAGE VARIETY confirms that PatagonianAfrikaans speakers have on average a more steeply
rising F1 into the vowel than Standard-Afrikaans
speakers. The interaction between LANGUAGE
VARIETY and STRESS is due to the fact that the effect
of LANGUAGE VARIETY is generally larger in the
stressed than the unstressed condition.
For ∆F2, we found significant effects of
LANGUAGE VARIETY (p < .001), STRESS (p = .004),
and their interaction (p = .001). The effect of
LANGUAGE VARIETY confirms that PatagonianAfrikaans speakers have on average a more steeply
falling F2 than Standard-Afrikaans speakers, and the
effect of STRESS that the fall is, on average, steeper
for stressed than unstressed vowels. The interaction
between LANGUAGE VARIETY and STRESS follows
from the generally larger effect of LANGUAGE
VARIETY in stressed than in unstressed syllables.
4. DISCUSSION

Figure 4 plots by-speaker average changes in F1
and F2, calculated as the difference in Hz between
vowel midpoint (50%) and onset (10%), separately
for stressed and unstressed vowels. A negative value
indicates a falling formant trajectory, and positive
value a rising trajectory, over the course of the vowel.
Figure 4 reveals that all speakers have a rising F1
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Altogether, our results demonstrate evidence for velar
palatalization in Patagonian but not in Standard
Afrikaans (or minimally for greater palatalization in
Patagonian Afrikaans). This is exemplified by a more
steeply rising F1 and falling F2 from the [k] into the
following vowel in Patagonian Afrikaans. We also
found evidence for more extreme palatalization in
stressed than in unstressed syllables, consistent with
the notion that speech targets are achieved more fully
in prosodically strong positions [2]. In the rest of this
section, we consider possible explanations for this
difference between language varieties, and the
implications of this difference for the history of the
Patagonian-Afrikaans settlement and the history of
Afrikaans at the turn of the 20th century.
Given that velar palatalization is not observed in
Spanish, the presence of this phenomenon in
Patagonian Afrikaans cannot be explained by contact
between Afrikaans and Spanish in Patagonia. Velar
palatalization is therefore either an independent
internal development in Patagonian Afrikaans, or
reflects the variety of Afrikaans that the original
Patagonian settlers brought with them at the start of
the 20th century. Velar palatalization is a phonetically

motivated process [6,8] with wide typological
distribution [1], and it could therefore have developed
independently in Patagonian Afrikaans. However,
since this process is also present in contemporary
South-African varieties of the language [3,13], it is
more likely that it is a feature that was brought to
Patagonia by the original settlers.
Can the presence of velar palatalization in
Patagonian Afrikaans be used as evidence for the
region in South Africa from which the Patagonian
settlers hailed? The historical records regarding the
regional origin of the settlers are incomplete [4]. For
certain settlers, the records indicate an origin from the
northeastern regions of the country (where Standard
Afrikaans is spoken today), but for others an origin
from the Northern-Cape region. However, for the
majority of settlers, no records are available.
From a historical perspective, an origin from the
northeastern regions would seem most likely. This is
the region of modern-day South Africa that lost
independence to the British in the second Anglo-Boer
War, the event that sparked the migration of
Afrikaans speakers to Patagonia. How should it then
be explained that Patagonian Afrikaans has a feature
that differs from Standard Afrikaans as spoken in the
northeastern parts of modern-day South Africa, and
that agrees more with the variety of the language
spoken today in the Northern Cape?
One possible explanation is that the majority of
settlers originated from the Northern Cape, contrary
to expectations summarized above. A second possible
explanation is that the contemporary geographic
distribution of Afrikaans dialects may not reflect the
dialectal distribution at the start of the 20th century.
Specifically, velar palatalization may have exhibited
a wider geographic distribution and may have been
found in the northeastern regions of South Africa,
even though it is currently absent from this region.
Little information is available about the history
and dialectal distribution of Afrikaans at the turn of
the 20th century. During that time period, Afrikaans
was primarily a spoken language used in informal
settings, whereas Dutch (or English) was used as a
written language and in more formal settings [9].
Since Afrikaans was hence not subject to the
standardizing pressures of being a written language at
that time, it can be expected that there was more
variation in the language. In other words, certain
features that are currently associated with the
Northern-Cape variety could have also been present
in the northeastern regions, today associated with the
“standard” variety.
South Africa used English and Dutch as official
languages until 1925 when Afrikaans replaced Dutch
as the second official language [11]. It was only after
1925 that Afrikaans came to be used regularly in
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formal settings (government, schools, etc.).
Officialization
is
often
associated
with
standardization: a specific variety of the language has
to be chosen as the variety that will be codified in
textbooks and dictionaries, and that will be taught in
schools. It is hence possible that the contemporary
“standard” northeastern variety lacks velar
palatalization not because this feature was never
present in this region, but because the feature
disappeared from the region as a consequence of the
standardization that followed from Afrikaans gaining
official status in 1925.
Given available data, it is currently not possible to
decide definitively between the different possibilities
mentioned here. However, our study demonstrates
how linguistic evidence, especially evidence based on
expatriate varieties of a language, can augment
incomplete historical records, and result in
questioning
otherwise
seemingly
obvious
assumptions about the history of such communities
and the early dialectal history of a language. Since
heritage languages typically do not survive for more
than fifty years [5], the opportunities for doing this
kind of research are limited. There are, however,
other similar communities spread across the globe,
including an even older Welsh-speaking community
in the same region of Patagonia where the Afrikaans
community resides [14].
5. CONCLUSION
Our study examined the presence vs. absence of velar
palatalization in two varieties of Afrikaans, within
our broader goal of interrogating the dialectal origin
of the Patagonian-Afrikaans settlement from the start
of the 20th century. Because velar palatalization is
present in contemporary non-standard Afrikaans
varieties, the use of this feature in Patagonian
Afrikaans highlights the benefits of sociophonetic
research for reconstructing the linguistic history of
expatriate communities, as well as that of
their countries of origin. Along these lines, data in
future research should also be collected from
Northern-Cape speakers.
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ABSTRACT
Public attitudes towards social and regional British
English accents have been widely researched.
However, this work rarely investigates how interspeaker variation within accent groups affects these
attitudes even though judgments may differ as a
function of the specific phonetic profiles of
individuals. This paper examines the public
perceptions of five British English accents (two
speakers per accent) in interviews through a largescale nationwide survey (n = 1015). We further
explore differences in perceptions of individuals in
one accent group – Multicultural London English
(MLE) – and how these differences relate to the
density of accent features in the speakers’ repertoires.
Evaluations of accents in interviews reflect
previous findings from accent attitude studies (e.g.
Received Pronunciation speakers are rated
positively). However, individual differences are
found for the MLE speakers. The candidate with more
marked MLE features (e.g. /k/-backing) is rated more
negatively, suggesting that inter-speaker variation is
a crucial factor in accent evaluations.
Keywords: language attitudes, inter-speaker
variation, accent density, sociophonetic markedness
1. INTRODUCTION
Research on attitudes to social and regional British
English accents has revealed consistent differences in
how accents are evaluated (see, for example, [1, 3, 5,
6]). Previous work finds that standard accents and
accents associated with higher socio-economic status,
such as Received Pronunciation (RP), are perceived
as being more prestigious and educated. However,
these accents are often rated less positively for traits
like friendliness. Conversely, non-standard accents
are rated positively with regards to likeability and
friendliness but are not perceived as being as highly
educated. These attitudes may impact upon
evaluations of members of different accent groups in
employment contexts, as certain traits may be
considered more desirable in this context (e.g. being
educated). Differences in evaluations may then lead
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to unequal outcomes for members of different accent
groups. For example, attitudes towards accents may
influence evaluations of job candidates with
comparable
professional
experience
and
qualifications, but who speak with different accents.
In much of the work on public attitudes to accents,
a small number of speakers are recorded to represent
a particular “accent”. However, speakers have access
to a range of accent features and inter-speaker
variation within accents with regards to the density of
accent features in speakers’ repertoires has been
widely reported [12, 13, 14]. Furthermore, attitudes
towards accent features have been shown to influence
judgements [2, 8, 9]. For example, TH-fronting,
which is where /θ/ is realised more like [f], is
perceived as being less professional by listeners in
Northern England [10]. Therefore, attitudes toward
an individual within an accent group may differ
depending on their phonetic profile. This suggests
that inter-speaker variation is a crucial factor in
accent evaluations. Despite this, previous research
has rarely investigated the effect that inter-speaker
variation within accents has on public attitudes to
accents (but see, for example, [11, 15]).
To examine the proposed effects of inter-speaker
variation on accent attitudes, the current paper
includes two analyses on a public survey dataset that
contains overt evaluations of interview candidates
speaking with different British English accents. The
first analysis addresses the issue of general accent
attitudes, while the second analysis addresses the
issue of inter-speaker variation by examining the
extent to which speaker specific phonetic profiles
influence attitudes towards individual candidates.
2. METHODS
2.1. Stimuli

Stimuli consisted of recordings of mock answers to
ten interview questions for a trainee solicitor position
at a law firm read by ten male actors. To ensure
(ecological) validity, written answers were judged by
a panel of practising lawyers.
We recorded native speakers of five British
English Accents (two per accent): Received

Pronunciation (RP), Estuary English (EE),
Multicultural London English (MLE), General
Northern English (GNE), and Leeds English (LE).
The accents were chosen to reflect fundamental social
contrasts in England, such as region and socioeconomic status. Table 1 details the social contrasts
and how the accents map onto these contrasts.
Furthermore, nine contrastive accent variables –
based on previous research – were balanced across
the written answers. There are six vowel variables
(STRUT/FOOT, FOOT, BATH/TRAP, FACE, GOAT,
happY) and three consonant variables (/θ/, /ð/, /l/).
Wells’ [16] lexical sets have been used to represent
the vowel variables, as the phonological categories
for these variables vary across the accents.
Table 1: Social contrasts reflected by the five
British English accents used for the stimuli.

Accent
Region:

RP

EE

MLE

GNE

LE

S

S

S

N

N

S

N-S

N-S

S

N-S

N

SL

L

SL

L

E

N

N

N

E

local (L),
supralocal (SL),
national (N)

Age:

2.5. Socio-indexical Information

established (E),
newly emergent (N)

Ethnicity:

W

W

N-W

W

W

MC

WC

WC

MC

WC

white (W),
non-white (N-W)

Class:

Accent evaluations were obtained via an online
Qualtrics survey. During the survey, participants
were asked to evaluate the interview performance of
10 candidates. After hearing a candidate’s response to
an interview question, participants rated the
candidate’s expertise, likeability, professionalism,
and hireability on a series of 10-point Likert scales.
Participants heard every speaker once (each accent
twice) answering a different mock question. The
association of speakers/accents to questions was
pseudo-randomised using a Latin square design.
Order of presentation of accents/questions in the
survey was fully randomised.

Stimuli were auditorily analysed (with visual
inspection of the acoustic signal) for presence of
accent features.
Hierarchical linear mixed-effects models were
fitted to participant evaluations with question type
and accent as main effects, question and speaker as
grouping factors, and random slopes for participant
by accent and participant by question type.

standard (S),
non-standard (N-S)

Localness:

2.3. Data Collection

2.4. Data Analysis

North (N),
South (S)

Prestige:

England, East Midlands, West Midlands, Yorkshire
and Humberside, North East, North West, Wales,
Scotland, and Northern Ireland.

Working (WC),
Middle (MC)

Stimuli were controlled for duration across all
accents within and across answers. Hesitations and
disfluencies were removed. Realisations of the nine
accent variables, intonation, and pause locations and
pause durations are consistent across speakers within
an accent, wherever possible. A pilot investigation
(n=99) indicated that stimuli are equally believable as
recordings of job candidates in interviews.
2.2. Participants

A representative sample of the UK population was
recruited through a market research firm. There are
1014 participants (514 men, 497 women, 3 unknown)
ranging in age from 18-84 (median=48) from all
regions of the UK. The sample size per region is
based on population densities in the UK. The regions
are: South East, London, South West, East of
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We conducted an additional pilot investigation
(n=50) to establish any individual and accent-level
differences in the stimuli with regard to perceived
socio-indexical information. Participants listened to
short clips of each speaker and were asked to judge
the speakers based on competence and social
attractiveness traits, such as masculinity.
3. RESULTS
3.1. Evaluations of Accents

Our findings suggest that accent significantly
influenced the participants’ evaluations of candidates
[F=7.30, p<0.001]. Candidates with standard accents
(RP and GNE) were more positively evaluated than
candidates with Southern non-standard accents (EE
and MLE), as shown in Figure 1. However,
candidates with Northern non-standard accents (LE)
received more positive evaluations than Southern
non-standard accents and similar evaluations to
standard accents.
Participant perceptions of the accent groups were
largely consistent across perceived traits. For
example, candidates with accents that were perceived

to be more hireable were also perceived to be more
professional. RP speakers were perceived most
positively across the different traits, except for
likeability, where Northern speakers (GNE and LE)
were rated highest. Conversely, EE speakers were
rated most negatively, except for hireability, where
MLE was rated lowest. Table 2 provides the means,
and standard deviations of evaluations for perceived
traits across the accents.
Figure 1: Overall mean participant evaluations by
accent. Southern accents are in darker greys and
Northern accents are in lighter greys.

RP
6.69
(1.87)
Professional 6.80
(1.94)
Expertise
6.56
(2.12)
Hireability 6.82
(1.95)
Likeability 6.51
(2.08)

EE
6.53
(1.92)
6.63
(1.99)
6.36
(2.19)
6.62
(2.01)
6.43
(2.07)

MLE
6.55
(1.96)
6.67
(2.01)
6.42
(2.17)
6.62
(2.05)
6.44
(2.13)

GNE
6.64
(1.90)
6.73
(1.98)
6.47
(2.14)
6.73
(1.97)
6.56
(2.04)

As shown in Figure 2, the two MLE speaking
candidates were evaluated differently by participants.
Mark received much higher evaluations than Eric and
was often one of the highest rated candidates across
all accents. Conversely, participants consistently
rated Eric as one of the lowest rated candidates. These
differences are unlikely to arise from the content or
presentation of the stimuli, due to the highly
controlled stimuli and experimental design. Rather,
we suggest that these differences are related to the
speakers’ phonetic profiles and socio-indexical traits
associated with the speakers, which are interlinked.
We only discuss results from the pilot study,
which were found to be significantly different for the
MLE speakers compared with the other accent
speakers. Participants perceived MLE speakers to be
similar with regards to masculinity and confidence.
However, participants perceived Eric as less educated
than Mark, as shown in Figure 3.
Figure 3: Perceptions of socio-indexical traits for
MLE speakers.

Table 2: Mean evaluations for each trait by accent.
Standard deviations in brackets. Bolding indicates
highest evaluation; underlining indicates lowest.

Overall

3.2. Inter-speaker Differences in Evaluations

LE
6.66
(1.90)
6.77
(1.95)
6.51
(2.15)
6.72
(1.99)
6.57
(2.06)

Despite these overall differences across accents,
we also find significant inter-speaker differences in
evaluation occur within accent groups [F=14.28,
p<0.001], as shown in Figure 2. In section 3.2, we
focus on the difference between evaluations for the
two MLE speaking candidates.

In addition, pilot participants identified Eric’s
ethnicity as “black” more often than Mark (see Figure
4). Over one-fifth of the participants perceived
Mark’s ethnicity as being white, mixed or other.
Figure 4: Perceived ethnicity for MLE speakers.

Figure 2: Overall mean participant evaluations by
accent and speaker.

Turning to the MLE speakers’ phonetic profiles,
we find differences in the speakers’ use of accent
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features. Mark’s profile consists predominantly of
features which also form part of some of the other
accent repertoires, such as GOOSE-fronting and /l/vocalisation. Eric, on contrast, uses a higher
proportion of features that are specific to MLE, such
as /k/-backing and DH-stopping [4]. Table 4 shows
the number of instances of accent features within the
speakers’ profiles. Note that the stimuli contain the
same content across all speakers, so each speaker
within an accent has the same number of
environments where accent features may occur.
Table 4: Counts of accent features used by the MLE
speaking candidates. Percentages are calculated on
how many times the speaker produces the feature
divided by how many times the feature can occur.
MLE-specific features are in italics. For each
feature an example word from the stimuli is
provided below the accent feature.

GOOSE-fronting
e.g. ‘through’
/l/-vocalisation
e.g. ‘ball’
TH-fronting
e.g. ‘theme’
DH-fronting
e.g. ‘rather’
FOOT-fronting
e.g. ‘would’
/k/-backing
e.g. ‘contract’
DH-stopping
e.g. ‘there’
FOOT-backing
e.g. ‘good’
GOAT-backing
e.g. ‘vote’

Mark
21 (46%)

Eric
29 (63%)

64 (93%)

66 (96%)

4 (44%)

5 (56%)

4 (4%)

5 (5%)

10 (59%)

0

0

24 (59%)

2 (2%)

58 (56%)

1 (6%)

10 (59%)

1 (4%)

21 (88%)

Both MLE speakers have similar levels of
GOOSE-fronting, /l/-vocalisation, TH- and DHfronting. All of which are shared with other accents.
However, they differ with regard to the use of FOOTfronting, /k/-backing, DH-stopping, FOOT-backing,
and
GOAT-backing.
These
features
are
predominantly MLE-specific accent features, with
the exception of FOOT-fronting, which is used by
Mark.
4. DISCUSSION/CONCLUSION
Our results suggest that evaluations of job candidates
are influenced by the candidate’s accent. In other
words, there appears to be a certain degree of accent
bias in employment contexts. The direction of this
bias parallels the results of previous work. Standard
speakers are evaluated the most positively and are
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perceived to possess traits that are considered
important in hiring contexts, such as being educated
and confident. Conversely, non-standard speakers are
judged more negatively and are shown to be
associated with traits that are either not important or
undesirable in professional situations, such as being
friendly, less intelligent and less well-educated.
However, not all non-standard accents receive
negative evaluations. Candidates with Northern nonstandard accents (LE) are rated as positively as
candidates with Northern standard accents and more
positively than Southern non-standard accents. This
result suggests that accent bias does not apply equally
across accent groups. The attitudes towards LE are
not similar to the attitudes towards the Southern nonstandard accents (EE and MLE). Thus, suggesting
that there is a nationwide hierarchy of accent prestige.
Standard accents are most prestigious, Southern nonstandard accents are least prestigious, and Northern
non-standard accents are in between.
Patterns of accent bias in the current study are
further complicated by inter-speaker differences
within accent groups. These differences suggest that
bias is influenced by the specific accent features (and
their associated socio-indexical traits) employed by a
speaker. Participants judge MLE speakers who use
accent features that more readily identify them as
being an MLE speaker as having socio-indexical
traits that are closely align with previous work on
non-standard accent evaluations. For instance, the
MLE candidate who uses more MLE-specific
features is perceived as being less educated.
Furthermore, this speaker is more often perceived to
be a member of social categories associated with the
MLE accent (e.g. being ethnically black). By contrast,
masculinity and confidence appeared to be equally
signalled by the two different MLE repertoires.
These accent features and their associated traits
then influence evaluations of candidates’ suitability
for employment. For example, the MLE candidate
who was perceived as being more well-educated is
more likely to be evaluated positively in employment
contexts, as level of education is often an important
factor in employment contexts. On the other hand,
being more easily identifiable as a speaker of MLE by
using accent features that are accent-specific (e.g. /k/backing for MLE), leads to more negative
evaluations, potentially as a result of the socioindexical traits associated with these accent features.
Attitudes to different accents are complicated by
the inter-speaker variation that exists within an accent
group and the accent features that a speaker employs.
Therefore, research investigating attitudes to accents
and accent bias should consider the speaker specific
phonetic profiles and how this influences the
perceptions of the accents.
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ABSTRACT
Recognizing speech is faster when listening to speech
from a single continuous talker than mixed talkers.
Does facilitation from talker adaptation depend on listeners’ expectations about talker continuity? Here, we
measured response times during a speeded word identification task for pairs of words. We manipulated listeners’ expectations about hearing the same talker by
varying the probability of talker continuity within
word pairs across two conditions: high probability of
same-talker trials with rare different-talker trials or
vice-versa. Word recognition was faster for sametalker trials, regardless of listeners’ expectations
about talker continuity. In a follow-up experiment, we
measured listeners’ response times to pairs of words
spoken by one talker in three conditions that manipulated expectations about whether the word itself
would be repeated. Here, only expected word repetitions led to faster response times. These results suggest that talker adaptation is a feed-forward process,
occurring automatically during speech perception.
Keywords: talker adaptation, priming, expectation,
prediction, speech perception
1. INTRODUCTION
Efficiently extracting linguistic messages from the
enormous acoustic-phonetic variability across talkers
is challenging due to the lack of invariance between
speech acoustics and listeners’ abstract phonemic
representations [10]. Yet listeners recognize speech
from one continuous talker faster than speech from
mixed talkers, suggesting that talker adaptation
makes speech processing more efficient [3,12,13].
The efficiency gains from listening to one talker’s
speech are thought to result because listeners can reduce the degrees of freedom in mapping between
speech acoustics and phonemic representations,
thereby making perceptual decisions more efficient
[14]. Models of speech processing formalize this by
testing reduced numbers of potential interpretations
of a speech signal based on expectations about its
source [9]. Expectations about the perceptual world
in general can facilitate processing by reducing the
neurocomputational demands supporting perception
[17]. Correspondingly, expected repetitions of a
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talker elicit smaller neural responses than unexpected
repetitions [1], suggesting that neural signatures of
talker adaptation may in part reflect fulfilled perceptual expectations [2,16,20].
However, research showing adaptation-related efficiency gains in speech perception primarily compares listening to long blocks of a single continuous
talker vs. long blocks of mixed, unpredictable talkers
[3,12,16,20]. Thus, it is impossible to distinguish how
listeners’ expectations of talker continuity contribute
to talker adaptation effects. Only one study probed the
role of expectations in talker adaptation: expecting to
hear different talkers can impede speech processing
[11]. However, it is unknown whether efficiency
gains come from expected vs. unexpected talker continuity, as hypothesized by both speech-specific [9]
and domain-general [17] models of perception.
Could the faster and more accurate speech processing from talker adaptation [14] be understood as
the result of fulfilled top-down perceptual expectations? Here, we investigated how word identification
speed is affected by listeners’ expectations about the
upcoming talker. We manipulated listeners’ expectations to hear speech from a continuous talker vs. different talkers by having them identify word pairs
when there was a high probability of repetition vs.
high probability of change. If top-down expectations
facilitate talker adaption [11], we would expect to see
faster speech recognition when the expectations about
the talker are met compared to when they are violated.
Finding only feed-forward, not expectation-based,
effects of talker continuity from a first experiment, we
ran a second, control experiment to confirm that
speech processing efficiency could be affected by expectations, now at the lexical level.
EXPERIMENT 1: EXPECTATION OF
TALKER CONTINUITY
2.1. Methods

2.1.1. Participants
Native American English speakers (N=20; 14 female,
6 male; age 18–26 years) participated in this experiment. All participants had a self-reported history free
from speech, hearing, or language disorders. Participants provided written informed consent. All experi-

mental procedures were approved by the Institutional
Review Board at Boston University.
2.1.2. Stimuli
The target words “boot” and “boat” were recorded by
four native speakers of American English (2 female).
These target words were selected because the acoustics of the /u/-/o/ contrast are highly variable across
talkers [7], leading to heightened processing interference in a mixed-talker setting [3]. Word durations
were on the order of 227 ± 15 ms (mean ± s.d.).
2.1.3. Procedure
Participants performed a speeded word identification
task, in which they indicated whether each word was
“boot” or “boat” as quickly and accurately as possible. Trials were organized around pairs of words,
such that two words were played in succession with a
2-s stimulus onset asynchrony. The two words in a
trial were either spoken by different talkers (talker
change) or a single talker (talker repetition). Each trial
(pair of words) was followed by a 2-s silent interval
(Fig. 1), which created the temporal structure of trials
that allowed us to manipulate listeners’ expectations
about repetition vs. change within word pairs.
Participants performed this task in two conditions
that varied their expectations as to whether the same
talker would say both words in a trial: (1) in the expect
change condition, the first and second words in a trial
were predominately spoken by different talkers (80%
of trials), with infrequent trials (20%) in which the
same talker produced both the first and second words;
and (2) in the expect repeat condition, the first and
second words in a trial were predominately spoken by
the same talker (80% of trials), with infrequent trials
(20%) in which the second word was produced by a
different talker than the first. Similar procedures have
been widely used to induce perceptual expectancy effects in participants [1,18].
Each condition was completed across four, 60-trial
blocks (240 trials / condition). The more probable
trial structure (e.g., talker-repeats) occurred in 192 trials, while the less probable structure (e.g., talkerchanges) occurred in 48 trials. Stimuli were pseudorandomized such that the same word was not presented for more than three consecutive trials.
Written directions remained on a monitor throughout the experiment, instructing participants to report
the word they heard by pressing the corresponding
key on a number pad (“boot” = 1, “boat” = 2).

source of speech across words in an auditory stream
(i.e., whether a word was said by the same talker as
the previous word), (ii) by listeners’ expectations
about whether there would be talker continuity, and
(iii) by an interaction between talker continuity and
listeners’ expectations of continuity.
To this end, we analyzed the response times (RTs)
for identifying the second target word in the word pair
(i.e., from the onset of the second word) using a linear
mixed-effects model (lme4 in R v.3.3.3). The model
included two fixed factors and their interaction: talker
repetition in word pairs (talker repetition vs. talker
change) and listeners’ expectations about talker repetition (expected repetition vs. expected change), as
well as random intercepts and slopes by participant.
Significant effects were determined based on Type-II
Wald χ2 tests (car in R). Any significant effects found
in the model were followed up by testing pairwise differences of least-squares means (difflsmeans in R).
Trials where participants incorrectly identified the
second word in the trial or with RTs exceeding three
standard deviations from the participant’s mean were
excluded from analysis (~4.7% of trials). RTs were
log-transformed to conform to normality.
Figure 1: Trial structure for the (A) high probability of talker change and (B) high probability of
talker repeat conditions. Target words were presented in pairs for 2-s each, with trials separated by
2-s silent intervals. Colors denote different talkers.

2.2. Results

The linear mixed-effects analysis on RTs revealed a
significant main effect of talker repetition (χ2(1) =
62.70, p < 0.001), but no significant main or interaction effects related to listeners’ expectation about the
upcoming talker (expectation: χ2(1) = 1.14, p = 0.29;
talker repetition × expectation: χ2(1) = 0.12, p =
0.73). Pairwise differences tests revealed that RTs
were significantly faster when two words in the pair
were spoken by the same talker than different talkers
regardless of listeners’ expectation about the talker
repetition (Fig. 2; talker-repeat: 861 ms; talkerchange: 908 ms; β = –0.027, t = 7.92, p < 0.001).

2.1.4. Data analysis

2.3. Discussion

The focus of the study was to examine whether word
identification speed is affected (i) by continuity in the

Both expected and unexpected repetitions of a talker
led to faster word identification compared to trials
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Figure 2: Mean RTs to the second target words in
the trial pair. Thin lines and points denote RTs for
individual participants; bold lines with large white
circles indicate group mean RT. *** p < 0.001.

3.1.3. Procedure

where the talker changed, and there was no difference
in the magnitude of this facilitation based on listeners’ expectations. This result suggests that the efficiency gains realized from talker adaptation [3,12]
may not result from fulfillment of top-down expectations based on which talker a listener anticipates hearing. Here, talker adaptation appears to be a feed-forward process, where coherence in the auditory stream
rapidly and automatically tunes the auditory system
for more efficient processing of speech from that
source [4,15,19]. This may suggest that the computational processes underlying talker adaptation, viz., reducing the number of possible interpretations for
acoustic-phonemic mappings [9] may also be a feedforward, rather than feed-back process. Alternatively,
it may challenge the idea that such model selection is
happening at all.
However, because Experiment 1 failed to induce
expectation-related differences in word identification
speed at all, we wanted to confirm that such expectation-related differences could be obtained under this
paradigm. Consequently, we ran a second experiment
under an identical trial structure, but where we varied
the probability and expectation of repeating the word
itself, rather than who said it.
3. EXPERIMENT 2: EXPECTATION OF
LEXICAL REPETITION
3.1. Methods

3.1.1. Participants
A new sample of 20 native American English speakers (13 female, 7 male; age 18–26) was recruited. Inclusion criteria were the same as Experiment 1.
3.1.2. Stimuli
Stimuli consisted of the same target words “boot” and
“boat” from Experiment 1, but recordings from only
one male talker were used.
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The task was identical to that of Experiment 1. On
each trial, participants identified each word (i.e.,
“boot” or “boat”) in the word pair (Fig. 3). The two
words in each trial were either different (word
change) or the same (word repetition). Participants
performed this task under three conditions: (1) expectation of word change, (2) expectation of word repetition and (3) no expectation of word change or repetition. Each condition of the task was completed
across two, 60-trial blocks (120 trials / condition). In
the expect-change or expect-repeat conditions, the
higher probability (expected) trial structure occurred
in 96 trials (80%) and the less probable (unexpected)
structure occurred in 24 trials (20%). In the equal
probability condition, the paired words were equally
likely to change or repeat (50%), with trials presented
in a pseudo-random order. The same written directions as Experiment 1 were displayed on the monitor
throughout the experiment.
Figure 3: Trial structure for the (A) high probability of word change, (B) high probability of word repeat, and (C) equal probability conditions. Target
words (shown here by color) were presented in
pairs, with trials separated by 2-s silent intervals.
Recordings from one talker were used throughout.

3.1.4. Data analysis
The focus of Experiment 2 was to examine whether
word identification speed is affected (i) by repetition
of a target word itself, (ii) by listeners’ expectations
about whether the word would be repeated or change,
and (iii) by an interaction between word repetition
and listeners’ expectations of repetition or change.
As in Experiment 1, we analyzed RTs for correct
identifications of the second word in each pair (i.e.,
from the onset of the word). We used a linear mixedeffects model to examine whether listeners’ RTs were
influenced by word repetition (word-repeats vs.
word-changes) and by listeners’ expectations about
the word repetition (expect word to repeat, expect
word to change, and no expectation). In addition to
these fixed factors and their interactions, the model

included random intercepts and slopes by participant.
Any significant effects determined by the Wald χ2 test
were followed up by pairwise differences of leastsquares means tests (difflsmeans). Prior to the analysis, RTs were log-transformed and log-RTs greater
than 3 SDs from each participant’s mean were excluded (~1.8% of trials).
3.2. Results

3.2.1. Effects of word repetition and expectation
The linear mixed-effects model revealed significant
effects of word repetition, listeners’ expectation, and
their interactions on RT (Fig. 4; word repetition: χ2(1)
= 4.70, p = 0.030; expectation: χ2(2) = 7.94, p = 0.019;
word repetition × expectation: χ2(2) = 16.14, p <
0.001). Subsequent pairwise tests revealed that listeners were significantly faster to identify the target
word only when they expected a repetition and their
expectations were met (β = –0.025, t = 4.08, p <
0.001). However, faster RTs associated with word
repetition (vs. change) were not observed when listeners had no expectation (β = –0.0073, t = 1.31, p =
0.20), nor when they expected the word to change (β
= –0.0016, t = 0.27, p = 0.79) Likewise, RTs were not
faster when listeners’ expectations of word change
were fulfilled (β = 0.0077, t = 1.06, p = 0.30).
Figure 4: Mean RTs to target words in the second
position of the trial pair. Thin lines and points denote RTs for individuals, bold lines with large white
circles indicate mean RTs across participants. A
significant repetition × expectation effect was
found; this suggests that listeners were faster to
identify the same word repeated in the trial only
when they expected the repetition. ***p < 0.001;
n.s., not significant.

(Experiment 1) or word (Experiment 2) differed
based on which of these dimensions (talker vs. word)
listeners expected to change.
We did not find a significant main effect of dimension on RTs (χ2(1) = 0.52, p = 0.47), but the model
revealed a significant main effect of repetition (χ2(1)
= 30.59, p < 0.001) and a significant dimension × repetition interaction (χ2(1) = 15.75, p < 0.001), suggesting that the feed-forward facilitatory effects of repetition differed depending on whether the unexpectedly repeated dimension was talker or word. Post hoc
pairwise tests revealed that the effect of unexpected
dimension repetition was significant only when the
talker unexpectedly repeated (Experiment 1: talker
repeats vs. expected changes; β = –0.027, t = 6.80, p
< 0.001), but not when the word itself repeated (Experiment 2: word repeats vs. expected changes; β =
0.0018, t = 0.35, p = 0.73).
3.3. Discussion

Only expected repetition of a word led to faster word
identification compared to trials on which the word
changed. When listeners had no expectations about
word repetition, or when they expected the word to
change, repetition was not facilitatory. This suggests
that faster processing of repeated speech content results from fulfilled top-down expectations.
In Experiment 2, when a word change was expected, only one other word (boot/boat) was possible
(in contrast to Experiment 1, where correctly expecting a change in talker still left uncertain which of the
other three talkers would be heard next). Surprisingly,
correctly expecting a word change also did not result
in faster word identification. It appears that only fulfilled expectations of word repetition are facilitatory
for speech processing, whereas expected changes or
unexpected repetitions have no effect compared to
having no expectations at all.
4. CONCLUSIONS

3.2.2. Comparison to Experiment 1
Experiment 1 revealed faster RTs for talker-repetition
trials even when listeners expected the talker to
change, whereas Experiment 2 results did not show
any difference in RTs when listeners expected the
word to change. Thus, we used a new linear mixedeffects model of RTs to directly compare whether the
impact of repetition (vs. change) of either the talker
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The results of these experiments contrast starkly: Listeners were significantly faster identifying words spoken by the same talker even while expecting to hear a
different talker, but an unexpected word repetition did
not expedite processing. These results suggest that
talker adaptation-related efficiency gains in speech
processing may reflect bottom-up mechanisms that
interpret speech in the context of preceding speech
[6,8,15]. Speech processing efficiency appears to primarily be driven by continuity in the speech source
[4,19], not top-down expectations [9], suggesting obligatory talker adaptation in speech processing [3].
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ABSTRACT
English and French listeners have been found to
monitor faster utterance-initial CV syllables than C
consonants in overt speech. We report a similar “syllable advantage” with Spanish-speaking Argentinean
participants monitoring for inner speech. They were
faster to detect CV syllables than C consonants at
the beginning of the names of the pictures they were
presented with (Experiment 1). This syllable advantage in internal monitoring resisted to adding
“foil pictures,” whose name’s first syllable differed
from the target syllable by the vowel only (Experiment 2), a manipulation logically more detrimental
to syllable than phoneme detection. The foils induced a more cautious strategy across the board
(longer RTs) but the syllable advantage was maintained. Our results converge with prior studies in
revealing intriguingly parallel perceptual effects in
overt and inner speech, suggesting that both are processed using a common abstract code, possibly
based on syllabic gestural scores.
Keywords: Inner-speech, internal-monitoring, syllable-detection, phoneme-detection.
1. INTRODUCTION
Planning spoken utterances requires a series of processing operations on representations retrieved at the
conceptual, syntactic, lexical, morphemic, and phonological levels, performed quickly and out of conscious control. Among these operations, the phonological processing stage (the “phonological encoding” stage in Levelt’s model of speech production:
[11, 12]) is essential to achieve the ultimate goal of
the system: speak out an intelligible message.
Phonological encoding takes as input the information of the lexical representation currently selected (the “lexeme”), which specifies a word-form,
presumably on different dimensions of information.
For example, [12] proposes that segmental and metrical information are initially specified separately in
lexical entries and then recombined by a “phonological encoder” module into syllabic slots, which the
encoder fills up with segmental content, after applying context-dependent phonological processes where
needed. The resulting code is further converted into
syllable-sized “articulatory scores,” which are the
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input to the “phonetic plan” that generates the “motor plan” to be executed, resulting in a complex
time-structured set of articulatory gestures (“articulatory map”) producing the speech output. We refer
here to Levelt’s model for the sake of clarity but
other models also assume processing stages whereby
an articulatory map is elaborated from lexical and
contextual phonological information ([4, 9, 10]).
Speech production models assume the existence
of devices that can monitor internal speech during
speech production for appropriateness and errors.
Two main related issues may be raised concerning
internal monitoring: its functional locus and the nature of the representations examined during internal
monitoring. Some researchers propose internal monitoring is achieved within the phonological encoding
system [20]. Others assume it is achieved via a single speech comprehension system processing either
external or internal speech. The labels “production
monitor” vs. “perception monitor” have been proposed by [20] to account for these two viewpoints.
As for the code examined for internal monitoring, it
is probably more abstract than that used for the motor plan produced by the phonetic plan. However, its
precise nature requires further specification.
In a seminal work, Wheeldon and Levelt [24]
used internal phoneme and syllable monitoring tasks
to study the properties of internal speech. In their
experiments, Dutch-English bilingual subjects had to
silently generate the Dutch translation of an auditorily presented English word and to monitor the internal speech they generated –the Dutch translation–
for a pre-specified phoneme or syllable target. Their
results supported the perceptual-loop hypothesis,
which proposes that the input to the phonetic plan is
incrementally fed to the speech comprehension system: this single system would monitor internal,
planned speech just like it monitors external, overt
speech, operating on the same information flow. The
results in [24] also suggest that the code circulating
in the perceptual loop be more abstract than the code
used in the phonetic plan, because its monitoring is
insensitive to concurrently planned articulation in an
articulatory suppression condition.
A prediction derived from this hypothesis is that
presumably perception-specific effects found with
overt speech might be found in internal monitoring
of inner speech. In agreement with this prediction,
Özdemir and Levelt [17] observed, in an internal

phoneme monitoring experiment on picture names in
Dutch, that monitoring latencies depend on the position of the target phoneme relative to the uniqueness
point (UP) of the word generated internally. For
example, /l/ was detected faster in zadel ‘saddle’
(UP=/d/) than vogel ‘bird’ (UP=/e/) than ketel ‘kettle’ (UP=/l/). This “uniqueness point effect” in internal monitoring parallels the results typically obtained in overt speech perception ([15, 8, 18]) and is
thus in line with the prediction made by the perceptual-loop hypothesis.
In this paper, we focus on another effect found in
overt speech perception and examine whether it can
also be observed in internal speech monitoring. This
test can be viewed as a diagnostic tool for the perceptual-loop hypothesis. The effect at stake has been
found in several studies in French and English: syllables are detected more quickly than phonemes
(consonant or vowel) in word-initial position. It was
initially found in English for CVC syllables ([19,
7]). [16] later showed that the effect with CVC syllables depends on the design of the experimental
lists, in particular on whether lists contain catch
trials with foil syllables and/or foil phonemes. Segui
et al. ([21]) used no foils and found a robust advantage for CV syllables over C consonants in
French: /ba/ was detected faster than /b/ in bateau
/bato/ ‘boat’ as well as in /ba/-initial nonwords. [21]
interpreted the advantage of the syllable over the
phoneme as due to the immediate availability in prelexical perception, at least for stop-vowel CV sequences, of both C and V, that is, of the CV sequence as a whole, based on the groundbreaking (at
the time) findings in [1, 22].
The issue we address here is of whether the faster
monitoring of CV syllables than C phonemes is also
found when monitoring internal (inner) speech.
We used pictures whose name in Spanish (same
rhythmic class as French) was two- or three-syllable
long and began with a CV syllable. Spanishspeaking Argentinean participants had to monitor for
the word-initial C or CV of these pictures’ names.
The design of Experiment 1 closely followed [21],
except that participants had to monitor for syllables
or phonemes in internally generated rather than externally presented word-forms.
2. EXPERIMENT 1
2.1. Methods

Participants. Eighty-one students at National University of Cordoba, Psychology Department, aged
18–26 years, participated voluntarily in the experiment. All were Argentinean native speakers of Spanish, with normal or corrected-to-normal vision and
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no known language, speech, or hearing disorder.
Materials. Twenty black-on-white drawings of simple common objects, selected from the set described
in [3], served as test picture stimuli. Their name
began with CV syllables. There were 10 word-initial
target phonemes (/b, d, g, p, t, k, v, f, m, n /) and 13
word-initial target syllables (/bo, de, ga, pa, pe, pi, ti,
ko, va, ve, fo, mo, ni /). Naming agreement for the
selected experimental pictures was above 80% according to the norms established for Argentinean
Spanish ([13]). There is no Argentinean Spanish
lexical database. We thus collected subjective frequency 1–5 ratings (5 for frequent) from 25 native
Argentinean speakers who did not participate in the
experiments. The average subjective frequency of
the 20 test picture names was 1.7 (range 1.1–2.5).
Design. The set of 20 test pictures was divided into
two subsets, as balanced as possible in terms of picture name subjective frequency, number of syllables
and phonemes, and broad type of onset phoneme.
Each subset comprised 10 test pictures plus 82 (subset 1) or 79 (subset 2) filler pictures. The pictures of
each subset were blocked by either phoneme or syllable target. Each block contained about 8 times
more filler than test items. Each subset contained
five phoneme-target blocks, or six or seven syllabletarget blocks. The 81 participants were randomly
assigned to one of two groups. Both groups received
first subset 1 and then subset 2. In one group (n=40),
participants had to detect phonemes in subset 1 and
syllables in subset 2. In the other group (n=41), participants had to detect syllables in subset 1 and phonemes in subset 2. The experimental design was thus
counterbalanced across subjects for target type order, though not for subset presentation order. That is,
each participant saw each of the 181 pictures only
once, for either phoneme or syllable monitoring.
Within each block, pictures were presented in a random order ensuring that test items did not appear in
block-initial or block-final position, were separated
by at least three filler items, and were not semantically or phonologically related with their flanking
filler items. Within each subset, blocks were presented in a different random order for each subject.
Procedure. Each phoneme- or syllable-target block
was introduced with the oral specification (in Spanish) of the target to monitor for, illustrated by three
words. For example, the phoneme-target /p/ was
specified as “[pə] como en ‘pera’, ‘papa’ o
‘pincel’.” This was followed by a prompt asking the
participant to launch the sequence of trials of the
current block in pressing the spacebar. Each trial
comprised the following sequence of visual stimuli

displayed at the center of the screen: “##” displayed
for 2 s as a visual fixation stimulus followed by the
picture in black on white within a 7 × 7 cm white
square, displayed until the participant responded or
for a maximum of 2 s (i.e., responses slower than 2 s
were timed out). The inter-trial interval was one
second. One experimental session typically lasted
about 30 minutes. Participants were comfortably
seated in a dimly lit quiet room. The experiment was
run on a personal computer, using the DMDX experimentation software ([6]). Participants were instructed to orient their gaze at the center of the screen
where the stimuli would be displayed. They were
told they would be presented with series of pictures,
each series associated with a phoneme- or a syllabletarget to detect in the picture’s name in word-initial
position, and had to respond with a button press, as
quickly and accurately as possible, if and only if the
name of the object began with the target specified
for the current series. Response times (RTs) were
measured from the onset of picture presentation.

filler item. Second, two phoneme-target blocks contained C-onset test items differing by the following
vowel: the /p/-target block contained /p/-items with
three different vowels (/a, i, e/); likewise the /v/target blocked contained vela and vaca. As shown
by [23], consonant detection is slowed down by the
“uncertainty as to the identity of the vowel following
the target consonant.” This might apply to inner
speech. Although such uncertainty was limited to
two blocks out of ten, it might have been sufficient
to bias participants toward a general slowing down
of phoneme detection latencies. To sum up, the materials of Experiment 1 might have disfavored, however slightly, phoneme detection compared to syllable detection, assuming, again, that similar contextual and foil effects occur in internal and external
monitoring. To test for this possibility we ran a control experiment in which CV detection would presumably be substantially disfavored by the presence
of CV’ foils in CV-target blocks.
Figure 1: Experiments 1-2: (a) RT, and (b) miss
rate data.

2.2. Results and discussion

We first computed the by-item and by-subject miss
rates. We excluded eight participants with more than
20% miss rate (three in the phoneme-first group, five
in the syllable-first group). No items were discarded
using the 20% criterion. This left 38 and 35 participants in the phoneme- and syllable-first group, respectively. For RTs, no further filtering was applied
than the 2 s time-out (no anticipated responses). RT
and miss-rate data are shown in Fig. 1AB. As can be
seen, syllables were detected faster and missed less
often than phonemes. This was confirmed by linear
mixed model analyses (with R) on the RT and miss
rate data. The models best fitting the data included
as fixed effects Group (phoneme- vs. syllable-first),
Target (phoneme vs. syllable), and their interaction,
and, as random effects, intercept and slope on Target
for subjects, and intercept for items. For RTs, Target
was significant, p<.00001, and neither Group nor
Group × Target were significant (p=.59 and p=.91,
respectively). For miss rates, Target was significant,
p=.021, and neither Group nor Group × Target were
significant (p=.51 and p=.31, respectively).
A possible concern with these results is that phoneme detection might have been challenged compared to syllable detection. First, within phonemetarget blocks, the word-initial consonant of 1.4 filler
items (out of eight in average) differed from that of
the target by a single distinctive feature, generally
the place feature. Such filler items may be viewed as
foils. The syllable-target blocks did not contain
comparable foils: for a given CV target, the corresponding syllable-target block contained no CV’
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3. EXPERIMENT 2: CV’ FOILS
Thirty CV’ foils were added to the 20 CV targetbearing test items within CV-target blocks. Foil and
test items, in the 3:2 ratio, shared their word-initial
consonant and differed only from the subsequent
vowel on. As suggested by [16], this should substantially slow down CV detection.

3.1. Methods

Participants. Fifty-two students at National University of Cordoba, Psychology Department, aged 1826 years, all Argentinean native speakers of Spanish,
participated in Experiment 2. None had participated
in Experiment 1 or reported a language disorder.
Materials and design. The same 20 test pictures as
in Experiment 1 were dispatched into the same two
subsets and associated with the same 10 phoneme or
13 syllable targets as in Experiment 1, but 30 “foil
pictures” were added. Their name’s first syllable
differed from the target syllable by the vowel only
(e.g., picture of a banana in the /bo/-target block);
15 such CV’ foils were added in each subset. No
foils were added to the phoneme-target blocks. The
experimental design was counterbalanced across
subjects for target type order: one group detected
first phonemes then syllables and the other group
first syllables then phonemes in subsets 1 and 2.
Procedure. It was the same as in Experiment 1.
3.2. Results

We first computed the by-item and by-subject miss
rates. We excluded 5 participants with more than
20% miss rate (3 in the phoneme-first group, 2 in the
syllable-first group). No items were discarded on the
20% criterion. This left 23 and 24 participants in the
phoneme- and syllable-first group, respectively. All
the available RT data were retained, as in Experiment 1. Syllables were still detected faster and
missed less often than phonemes, although the effect
was weaker for RTs (Figure 1AB), as shown by
linear mixed model analyses.
The models best fitting the data included as fixed
effects Group, Target, and their interaction, and, as
random effects, intercept for subjects and items. For
RTs, Target was significant, p=.035; neither Group
nor Group × Target were significant (p=.28 and
p=.81, respectively). For miss rates, Target was significant, p=.0027. Group was also significant,
p=.0071, but Group × Target was not, p=.95.
The differences between the two experiments, as
shown in Fig. 1, called for a further statistical analysis bearing on both, with the fixed effect Experiment
(1 vs. 2) in addition to Target and Order. The random effects were intercept for subjects and items.
For both RTs and miss rates, Target was significant,
indicating faster syllable- than phoneme-detection
across Experiments. Experiment was significant too,
ps<.00001, reflecting shorter RTs and lower miss
rates overall in Experiment 1 than 2 (785 < 923 ms;
3.9 < 8.8% misses). The Target × Experiment inter-
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action was significant for RTs, p=.014, but not for
miss rates, p=.19: the Target effect was stronger in
Experiment 1 than Experiment 2 for RTs (78 > 32
ms) but not for miss rates.
To sum up, although introducing foil pictures
with CV’ names resulted in a general slow down of
detection latencies for both syllables and phonemes,
but the “syllable advantage” was still observed.
4. GENERAL DISCUSSION
Across two experiments, we found a robust advantage for CV syllables over C phonemes in terms
of internal monitoring latencies, even in a CV’ foil
condition most detrimental for CV detection. These
results mirror those obtained in [21] for external
monitoring. Our data thus support the perceptual
loop theory, whereby a single “comprehension system” processes either overt or inner speech ([11, 12,
24, 17]), adding to the prior findings of uniqueness
point [17] or syllabic [24] effects common to overt
and inner speech. Moreover, we found a strong foil
effect: foils induce longer RTs. This effect, not yet
documented in internal monitoring (as far as we
know) is a typical one in external monitoring ([16]).
The perceptual loop theory implies that the same
code be used to parse and monitor, at a phonological
level, both overt and inner speech. We propose, following [12], that the code for inner speech –the output of the phonological encoder– consists in syllabic
gestural scores. Although it incrementally feeds the
phonetic plan, it is more abstract than the code used
in the end-product motor plan, as suggested by [24]
and [14]. In overt speech perception, the auditory
input therefore must also be encoded into syllabic
gestural scores (contra, e.g., [5]). Note that, in the
present study, we limited ourselves to CV syllables:
more complex syllables are left for future research.
We finally turn back to the syllable advantage effect. The original account offered by [21] was that
the first available percept in a CV-initial utterance is
CV, not C, at least for stop consonants. It was based
on previous work by Stevens and Blumstein ([22, 1])
showing that a very short fragment of signal extracted from stop release (~40 ms) is sufficient to hear
both C and V at the same time. [21] proposed that
CV is first identified as a whole, whereas C can only
be identified from the reanalysis of CV. This account relied heavily on the phonetic perception of
stop consonants. On our novel proposition of a
common syllabic gestural though abstract code (see
[2]), the original account by [21] obviously needs be
updated, yet not deeply revised. The notion that the
processing system first accesses CVs as whole units,
then must unpack them to identify C consonants (yet
not restricted to stops) remains valid.
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ABSTRACT
Phonetic variability across talkers imposes additional
processing costs during speech perception, often
measured by performance decrements between single- and mixed-talker conditions. However, it is unclear whether greater phonetic variability (i.e., more
talkers) imposes greater processing costs. Here, we
measured response times in a speeded word identification task, in which we manipulated the number of
talkers (1, 2, 4, 8, or 16) in each block. Word identification was slower in every mixed-talker condition
compared to the single-talker condition, but the magnitude of this performance decrement was not affected by the number of talkers. Furthermore, in a
condition with uniform transition probabilities between two talkers, word identification was faster
when the talker was the same as the prior trial compared to when the talker switched between trials.
These results are consistent with an auditory streaming model of talker adaptation, where processing
costs associated with changing talkers result from attentional reorientation.
Keywords: speech perception; phonetic variability;
processing cost; talker adaptation; auditory streaming
1. INTRODUCTION
Variation in the acoustic realization of speech across
talkers is a major source of phonetic variability in
speech signals [8]. Listeners are nonetheless highly
successful in extracting stable phonemic information
from talkers’ speech despite the acoustic-phonetic inconsistency across talkers. In the presence of speech
from multiple talkers, the possibility of more than one
interpretation of an acoustic signal imposes additional
processing demands as listeners must accommodate
trial-by-trial variation in order to maintain phonetic
constancy [9,17]. The costs of processing speech
from multiple talkers, known as the interference effect, are reflected in listeners’ slower response times
during speech processing tasks [15,17].
Current models of talker variability in speech processing suggest that processing efficiency depends on
the number of possible competing interpretations of a
speech signal. Foremost among these models, the
ideal adapter framework posits that reducing the
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number of possible interpretations of an acoustic signal makes speech processing more efficient [10]. A
prediction of this framework is that processing speech
from a limited number of potential talkers (e.g., 2 or
4) should be more efficient than a larger number of
talkers (e.g., 8 or 16) because the possible interpretations of the acoustic signal are more constrained.
The interference effect of processing mixed-talker
speech was notably measured by Mullennix and Pisoni [15]. They investigated processing dependencies
between linguistic content and talker voice contingent
on the amount of variability in the stimulus set for
each variable (number of different words and number
of different talkers). Their results have frequently
been used to assert that the interference effect of processing speech from multiple talkers does not depend
on the number of talkers, a conclusion at apparent
odds with predictions of the ideal adapter framework.
However, examination of the prior data [15] reveals that these results cannot be convincingly read to
support the received wisdom that the interference effect of mixed talkers is constant across increasing
number of talkers. In the first of their two experiments, greater interference was reported under conditions that simultaneously increased both the number
of talkers and the number of word choices, making it
impossible to dissociate the effects of talker- and
word-variability on processing costs. While their second experiment manipulated each variable independently, mixed-talker speech resulted in null to
minimal interference effects on speech processing efficiency. Given the historical prominence of this
study, the minimal mixed-talker interference measured in its second experiment is surprisingly inconsistent with the large interference effects shown by
both prior and subsequent studies [6,9,16-18].
No empirical evidence from other sources exists to
evaluate these predictions, since the canonical interpretation of the original report [15] has led researchers not to parametrically vary the number of talkers in
their experiments, opting instead to employ mixedtalker conditions with a fixed number of talkers (usually between two and ten) [6,14,23,25].
Due to (i) the inconsistency between the received
wisdom concerning fixed costs of talker-variability
on speech processing efficiency and the predictions
of contemporary speech processing models, (ii) the
surprising lack of mixed-talker interference in the

data this interpretation is founded on, and (iii) the
paucity of other empirical work addressing this question, we set out to investigate whether mixed-talker
interference varies as a function of the amount of
talker variability, operationalized as the number of
talkers. We attempted to parsimoniously replicate the
original study [15] by having listeners perform a word
identification task with a single, minimal lexical pair
across mixed-talker conditions in which we parametrically manipulated only the number of talkers.
2. METHODS
2.1. Participants

Native speakers of American English (N = 24; 19 female, 5 male; age 18-25, mean = 20.2 years) participated in this study. All participants had a self-reported
history free from speech, language, or hearing disorders. Participants provided written informed consent,
approved and overseen by the Institutional Review
Board at Boston University.
2.2. Stimuli

Stimuli consisted of two naturally spoken English
words, “boot” and “boat”. These words were chosen
because they share the same onset and coda but differ
in their vowel nucleus (/u/ vs. /o/) on a phonological
contrast with a great deal of potential acoustic-phonemic ambiguity across talkers [4,8] (Fig. 1). These
words were recorded by eight male and eight female
native speakers of American English in a sound-attenuated booth with a Shure MX153 microphone and
Roland Quad Capture sound card sampling at 44.1
kHz and 16 bits. Stimuli were RMS amplitude normalized to 65 dB SPL using Praat [2].
Figure 1: Phonetic variability across all 16 talkers
for the stimuli “boot” and “boat.” (A) Filled (male
talkers) and empty circles (female talkers) with “u”
and “o” indicate the location of each talker’s vowel
in F1-F2 space. (B) Box plots show the fundamental
frequency (f0) range for these stimuli across talkers.
Colors correspond to individual talkers.

2.3. Procedure

Participants performed a speeded word identification
task across six 64-trial blocks in which we parametrically varied the number of talkers (1, 2, 4, 8, or 16).
Each target word was presented 32 times per block in
a pseudo-random order, with the constraints that the
same word not repeat more than three times in a row
and that the same talker not repeat in adjacent trials
during all (but one) mixed-talker conditions.
Stimulus order for n = 2 mixed talkers presented a
unique challenge: if a talker could not repeat in adjacent trials, the two talkers would have to alternate predictably on each successive trial. Listeners could thus
anticipate with perfect certainty which talker they
would hear on the subsequent trial, potentially reducing the interfering effect of talker variability [10]. Alternatively, the talkers could be ordered randomly, in
which case the same talker could occur for multiple
trials in a row, reducing trial-by-trial phonetic variability [18]. Because we were uncertain how these two
different stimulus orders would affect speed of processing, we chose to investigate both. In the 2-talker
alternating condition, the talker switched on every
trial; in the 2-talker uniform condition, the probability
of each possible talker transition was equal on every
trial (e.g., after hearing A, the probability of hearing
A or B was equal on every trial, and vice-versa).
Participants were instructed to listen to the stimuli
and indicate which word they heard as quickly and
accurately as possible by pressing a corresponding
number key (Fig. 2). Written directions at the beginning of each block informed participants of the number of talkers in that block. Talkers were randomly
selected for each participant, such that there were an
equal number of female and male voices in each condition (the single talker block was split into a female
talker half and a male talker half). Conditions were
presented in a random order. Stimulus delivery was
controlled using PsychoPy2 (v1.83.03) [20] with
presentation via Sennheiser HD-380 Pro headphones.
Figure 2: Schematic representation of stimulus delivery. Participants performed a speeded word identification task while listening to speech produced by
(A) a single talker or (B) mixed talkers. Mixed
talker conditions included 2, 4, 8, or 16 talkers.
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2.4. Data analysis

Response times (RTs) were measured from the onset
of the target word on each trial; only RTs from correct
trials were included in the analysis (accuracy was at
ceiling: 96.0% ± 3.6%). RTs were analyzed in R using linear mixed-effects models implemented in the
package lme4 using a maximal fixed and random effects structure [1]. Fixed factors included either number of talkers (1, 2, 4, 8, or 16), talker variability (1talker, 2-uniform repeats, 2-uniform changes, or 2-alternating), or trial-by-trial gender variability (same
gender or different gender). Random effects included
by-participant slopes and intercepts and by-stimulus
intercepts. Significance of effects was determined at
α = 0.05, with p-values for model terms based on the
Satterthwaite approximation of the degrees of freedom obtained from the package lmerTest.
3. RESULTS
3.1. Amount of talker variability

We assessed how the amount of talker variability affected RTs (Fig. 3) using a linear mixed effects model
with number of talkers (1, 2, 4, 8, or 16) as the fixed
factor and the random factors described above. In this
analysis, we collapsed the data from both versions of
the 2-talker condition. Two contrasts on the model
were run separately: (i) for each mixed-talker level
against the single-talker baseline, and (ii) for pairwise
differences between increasing number of talkers.
RTs in all four mixed-talker conditions were significantly slower than the single-talker condition (Table 1). Increasing the number of talkers beyond the
first introduction of variability (from one talker to two
talkers) had no further effect on RTs (Table 2).
3.2. Talker continuity

In our design, two conditions involved continuous
speech from a single talker across two or more successive trials: the single-talker condition and the 2talker-uniform condition. While listeners could expect the talker to repeat throughout the single-talker
condition, they could not have anticipated whether
the talker would continue across any particular successive trials of the 2-talker-uniform condition. To
this end, we explored (i) the effect of listener expectation by comparing RTs on these “repeat” trials (AA)
in the 2-talker-uniform condition with RTs in the single-talker condition, and (ii) the effect of talker repetition by comparing RTs on “repeat” trials (AA) with
“change” trials (AB) in the 2-talker-unifom condition.
Finally, we compared RTs on trials from the uniform condition with unpredictable talker changes to
RTs on trials from the alternating condition with
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predictable changes to ascertain whether ability to
predict the upcoming talker expedited speech processing [10], even when the talker differed from the
preceding trial.
We analyzed RTs during the 1- and 2-talker conditions using a linear mixed effects model with talker
variability (1-talker, 2-uniform repeats, 2-uniform
changes, or 2-alternating) as the fixed factor and random factors as before. Model contrasts were the pairwise differences between conditions (Fig. 4).
RTs were significantly faster for anticipated talker
continuity (the single-talker condition) compared to
unanticipated talker continuity (trials in the uniform
version where the talker was the same as the prior
trial) (Table 3). RTs in the uniform version were also
significantly faster on trials where the talker did repeat compared to those where the talker did change,
notwithstanding listeners’ inability to have anticipated any such repetition. However, listeners’ ability
to reliably anticipate the change in talker did not affect their word recognition speed compared to trials
where the talker change could not be anticipated (2alternative vs. 2-uniform changes).
Table 1: Additional processing costs are imposed
by mixed talkers vs. a single continuous talker.
Contrast
2 vs. 1
4 vs. 1
8 vs. 1
16 vs. 1

β
0.064
0.057
0.064
0.057

s.e.
0.011
0.010
0.008
0.008

t
5.94
5.48
8.28
6.82

p
5 ´ 10-6
2 ´ 10-5
3 ´ 10-8
7 ´ 10-7

Table 2: No additional processing costs are imposed by increasing amounts of talker variability.
Contrast
2 vs. 1
4 vs. 2
8 vs. 4
16 vs. 8

β
0.064
–0.006
0.007
–0.008

s.e.
0.011
0.010
0.010
0.006

t
5.94
–0.66
0.69
–1.19

p
5 ´ 10-6
0.52
0.50
0.25

Figure 3: Mean RT as a function of number of talkers. Significance of pairwise contrasts are indicated
above the line. Error bars indicate ± 1 SEM.

Figure 4: Mean RT as a function of talker continuity and listeners’ ability to anticipate talker change.
*p < 0.01; ***p < 0.0001; n.s. not significant.

4. DISCUSSION

Table 3: Processing costs associated with anticipated vs. unanticipated talker continuity or change.
Contrast
Single talker vs.
unanticipated continuity
Unanticipated continuity
vs. change
Change vs. anticipated
change (alternating)

β
s.e.
t
p
0.039 0.013 2.92 0.008
0.033 0.005 6.11 1 ´ 10-8
0.003 0.009 0.35 0.73

3.3. Talker gender

During mixed-talker conditions with 4, 8, or 16 talkers, the talker changed between every trial. We investigated whether the degree of talker change between
trials affected word recognition speed.
We compared RTs on trials where there was a
greater change in a talker’s phonetic characteristics
from those of the preceding trial’s talker (across-gender talker changes) to trials with smaller magnitude
changes (within-gender talker changes) for each condition using a linear mixed effects model with fixed
factors of number of talkers (4, 8, or 16) and previous
talker gender (same or different) and random factors
as above. In a Type III analysis of variance (ANOVA)
on this model, we found that RTs were significantly
slower for a talker change across genders compared
to within the same gender, regardless of the total
number of talkers in the condition (Table 4).
Table 4: Processing costs associated with talker
change across gender vs. within gender do not vary
with number of total talkers in the condition.
Effect
Number of talkers
(4 vs. 8 vs. 16)
Previous talker gender
(same vs. different)
Number of talkers ´
previous talker gender

F
0.83

df(n, d)
(1, 23.4)

p
0.45

5.66

(1, 22.9)

0.026

1.87

(2, 4291.3) 0.15
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We investigated whether the processing costs of
mixed-talker speech varied with increasing number of
talkers. We also explored whether trial-by-trial factors (unanticipated talker repetition, predictable talker
change, and degree of between-talker phonetic differences) affected word identification speed.
Increasing the number of talkers, and therefore
the amount of phonetic variability, did not further increase processing costs beyond those added by any
talker variability (i.e., 2 talkers). Word identification
was equally slow with 16 talkers as with just two.
This result convincingly confirms the received wisdom that processing costs do not scale with the number of different talkers [15]. Moreover, this result requires us to revisit the idea that acoustic-phonemic
mappings are made more efficient by reducing the
decision space of possible interpretations of the
acoustic signal [10]. Instead, our observations support a view of speech processing interference that
arises when talker discontinuity disrupts listeners’
ability to form a coherent speech stream from a consistent source [3,5,11,12,21].
Word recognition was likewise faster when the
same talker spoke on two consecutive trials, even if
the continuity was not predicable. This result suggests
a feedforward, facilitatory effect of talker continuity
on speech processing efficiency [3,5,12], consistent
with predictions of feedforward auditory streaming
models [11,21]. Even when listeners could perfectly
anticipate which other talker would speak on the next
trial, word recognition was not faster than when the
next talker was unpredictable. This suggests that the
facilitatory effects of talker continuity are feedforward, not feedback, consistent with streaming [3,5,
11,12,21,22,24], but not decision-space models [10].
Finally, the magnitude of talker-specific phonetic
variation between trials did affect processing costs,
suggesting that the degree of trial-to-trial difference
in phonetic characteristics may contribute to the magnitude of processing costs incurred when auditory
streaming is disrupted [13,19], thereby perhaps
providing insight into how basic mechanisms of auditory adaptation [e.g., 7] may underlie talker adaptation in speech processing.
Together, these results (i) confirm the canonical
interpretation of [15] that variability-induced processing costs do not scale with more talkers, (ii) are
consistent with a view that interference effects result
from disruption of a coherent auditory stream such as
that afforded by talker continuity [5,21,24], and (iii)
challenge the notion that top-down expectations can
guide model selection in accounting for acoustic-phonetic correspondences across talkers [10].
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ABSTRACT
Previous studies have shown that speakers implicitly
imitate phonetic details of recently heard speech.
Although this generally results in acoustic
convergence, it is unclear whether speakers are
responding to linguistic or acoustic aspects of the
speech signal. To address this, we compared
convergence on linguistic vs. acoustic patterns using
an AXB perceptual similarity test. Targets (X tokens)
were produced by a speaker with acoustically low
A1-P0 (correlated with high nasality) but were
modified to exhibit reduced vowel nasality for that
speaker. Comparison stimuli (A & B tokens) were
produced by talkers of two types: those who
decreased their nasality (imitating within-speaker
linguistic/phonetic
patterns,
but
diverging
acoustically), and those who increased their nasality
(converging
acoustically,
but
diverging
linguistically). Listeners judged linguistic imitation
tokens as more similar to the target than acoustic
imitation tokens, revealing within-speaker phonetic
pattern as the basis for listeners’ similarity judgments
and the likely target of phonetic accommodation.
Keywords: phonetic accommodation, phonetic
imitation, speech perception, speech production
1. INTRODUCTION
It is well attested that speakers adapt to various
aspects of an ambient linguistic environment over
time, including the fine phonetic details [8, 15]. This
plasticity of the speech system has been demonstrated
in laboratory settings as well, showing that
participants’ speech becomes more similar to a model
talker as the result of brief exposure [7, 5]. Although
this generally results in acoustic convergence
between interlocutors (or a speaker and a model
talker) [1, 2, 11, 12], it is not yet understood what
attributes in the speech signal speakers employ when
they converge phonetically. [13] addressed this
1

A1-P0 is a spectral measure that refers to the difference
between the amplitudes of the first formant harmonic peak
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question and examined the relationship between
perceived phonetic convergence and various acoustic
measures such as duration, F0, F1, and F2. Their
results showed that a combination of acoustic
measures predicted the perceived phonetic
convergence better than any of the individual acoustic
attributes alone, revealing the complex nature of
phonetic accommodation. Their results also suggest
that accommodative behaviors are likely guided by
some sort of holistic abstraction instead of memory of
particular acoustic features.
The degree of phonetic accommodation is often
assessed by using either acoustic measures such as
DID (Difference in Distance, e.g., [1, 13, 17]) or an
AXB perceptual similarity test [2, 7, 12]. Neither of
these measures, however, considers within-speaker
linguistic/phonetic patterns as a target of phonetic
accommodation. It is well known that speaker
normalization takes place in speech perception,
enabling us to perceive speech signals with little
conscious effort despite the wide inter-talker
variability on various phonetic dimensions, e.g., [9].
[9] argues that listeners perceive speech signals
relative to an internal representation of the talker; in
other words, the percept of speech is within-speaker
linguistic/phonetic
patterns.
If
phonetic
accommodation is a reflection of speech perception,
it is reasonable to assume that speakers refer to
within-speaker phonetic patterns instead of raw
acoustic targets when they converge phonetically.
[19] presents a unique case that explores this
possibility. In [19], target tokens for imitation were
produced by a model speaker with low values for A1P0 (an acoustic correlate of high nasality, [3]) but
which were modified to exhibit reduced vowel
nasality (i.e., reduced nasal coarticulation) for that
speaker.1 Even after manipulation to raise A1-P0 in
the vowels, i.e., to reduce nasality, his A1-P0 in the
vowels was still lower than all participants’ A1-P0. In
other words, his vowels were acoustically more nasal
than all participants’, even when the degree of
coarticulatory vowel nasality was reduced. The
(A1) and the lowest frequency nasal peak (P0). As vowels
become more nasalized, P0 increases and A1 decreases,
yielding lower A1-P0.

results showed that the majority of participants who
listened to the model talker’s speech with reduced
coarticulatory vowel nasality decreased their vowel
nasality in post-exposure productions. [19] presented
two interpretations of the results: 1) speakers
diverged from the acoustic target (i.e., the generally
low A1-P0), or alternatively, 2) speakers converged
toward the modeled linguistic target (i.e., toward
within-speaker decreased coarticulation patterns), as
their productions reflected changes toward the
modeled pattern of change (reduced nasality).
The production data in [19] do not allow us to
determine which type of target the participants’
perceived that subsequently triggered the change in
their speech production. However, perceptual
judgment of imitation such as an AXB perceptual
similarity test could provide a way to distinguish
linguistic convergence and acoustic divergence. If the
post-exposure tokens produced by those who
decreased their nasality (acoustically diverging /
imitating within-speaker linguistic/phonetic patterns)
are perceived as more similar to the target tokens than
the baseline tokens, it will suggest that the target of
phonetic
accommodation
is
within-speaker
linguistic/phonetic patterns of nasality. On the other
hand, if the post-exposure tokens produced by those
who increased their nasality (imitating acoustic
features) are perceived as more similar to the target
tokens than the baseline tokens, it will suggest that the
target of phonetic accommodation is the acoustic
realization of nasality.
The aim of the current study is to explore the target
of phonetic accommodation, specifically, whether
speakers are responding to linguistic patterns or to
raw acoustic aspects of the speech signal. To this end,
we compare convergence on what we will refer to as
the linguistic vs. acoustic patterns observed in [19] by
assessing perceptual similarity using an AXB
perceptual similarity test. Further, we examine the
role of phonological neighborhood density (ND) in
these perceptual judgments, as it has been shown to
modulate both patterns of nasality [16] and phonetic
accommodation [19]. (Since high ND words with a
nasal coda are produced with greater nasality in
general [16], these tokens might be judged as less
similar to the model talker’s tokens than low ND
tokens if the listeners’ basis of similarity judgement
is linguistic pattern of nasality. On the other hand,
high ND tokens might be judged as more similar to
the model talker’s tokens if the listeners are tuning
into raw acoustic of nasality.)

2. METHODS
2.1. Participants

Nineteen native speakers of English (12 female)
participated in the AXB perceptual similarity test.
All listeners reported normal hearing and speech,
and received course credit for their participation.
2.2. Stimuli

Stimuli included 32 monosyllabic English words with
vowel-nasal sequences, providing a coarticulatory
context for vowel nasalization. Half of the words had
a high neighborhood density (ND), half had low ND.
In the AXB design, the X tokens were the model
talker stimuli from [19] with the low A1-P0 (-5.73 dB
A1-P0 for these tokens). The speaker was a male
native speaker of English, and the tokens were
acoustically modified to be less nasal than the
speaker’s natural baseline (+3 dB A1-P0). The
modification was achieved through spectral mixing of
the target (the naturally-produced token with a nasal
coda and a nasalized vowel) and a phoneticallymatched oral vowel minimal pair. (E.g., for ban, the
stimulus is generated by mixing ban and bad.) A
range of nasal-oral proportions were generated, and
the token with the targeted degree of nasality
(measured as A1-P0) was selected. This methodology
results in an increase in A1-P0, but also in modified
realizations of other possible cues for coarticulatory
nasality.
The A and B comparison stimuli (of the AXB
design) were created from the post-exposure
recordings of twelve participant talkers (7 female)
from [19]. Talkers were selected on the basis of fitting
one of the following 4 imitation types (3 talkers in
each type): 1) Ling_Max: talkers who imitated the
linguistic change in the target speech to the greatest
extent by reducing their vowel nasality in the postexposure block (average change in A1-P0 = 4.83dB),
2) Ling_Less: talkers who imitated the linguistic
change in the target by reducing nasality in the postexposure block, but to a lesser degree (average
change in A1-P0 = 1.83dB), 3) No_Change: talkers
who didn’t change their nasality after exposure
(average change in A1-P0 = 0.07dB), and 4)
Acoustic: talkers who imitated the acoustic aspect of
the target speech and became more nasal in the postexposure block (average change in A1-P0 = -1.97dB).
2.3. Procedure

On each trial, three versions of the same word were
presented, with the model talker’s token as X, and the
participants’ pre-exposure (baseline) and postexposure tokens as A and B (one repetition per order,
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i.e., AXB and BXA). Listeners were instructed to
decide as quickly as possible whether the first or the
last item (A or B) sounded more like the middle item
(X). Trials are blocked by talker, and the order of the
twelve talkers was randomized for each listener.
3. RESULTS
Figure 1 summarizes the results of the AXB task,
displaying perceived phonetic convergence (= rate of
“post” response) across the four imitation types,
presented separately by the neighborhood density of
the stimuli. As seen, Ling_Max shows the greatest
perceived phonetic convergence among four
imitation types. In addition, it shows that the effect of
neighborhood density on phonetic convergence
varies across imitation types.
Figure 1: Perceived phonetic convergence by Imitation
Type and neighborhood density.

stimuli) that most trigger a “post” response. The
model fit is significantly improved by including
Imitation Type, compared to the model without the
predictor (X2=29.876, p>0.01). Similarly, ND and
Trial number significantly improved the model fit
(X2=15.891, X2=17.612, respectively). The main
effect of ND (z=-2.575) as well as the interaction
between Ling Max and ND (z=2.754) were
significant, showing that Low ND tokens had higher
“post” response in Ling_Max, while High ND tokens
had higher “post” response in Acoustic. The effect of
Trial number was not significant (z>1, p>0.05).
When the AXB analysis was replicated with the
more granular measure of talker-average DID in A1P0 as a factor instead of Imitation Type (to classify
talkers), there was no significant effect on the rate of
post response (z<1, p>0.1). Thus, although the
within-speaker linguistic/phonetic pattern has a
stronger influence on listeners’ similarity judgments
than raw acoustic similarity, its predicting power for
similarity judgments is not completely robust,
suggesting that there are other factors involved when
listeners make perceptual similarity judgments.
4. DISCUSSION AND CONCLUSION

Responses (re-coded as “pre” or “post”) were
analyzed with a generalized linear mixed model with
Imitation Type (Ling_Max, Ling_Less, No_Change,
Acoustic), Presentation_Order (post-exposure token
as A or B), ND (High or Low), and Trial umber as
fixed factors and random intercepts by-participant
and by-item. Results showed a significant overall
preference for post-exposure items (54%, z=3.81),
indicating that listeners judged the post-exposure
items to be more similar to the target stimuli (X) than
the items produced before exposure. This
corroborates previous studies in phonetic
accommodation, indicating that productions become
more similar to a heard target. Further, imitation type
Ling_Max showed a significantly greater postexposure preference compared with the Acoustic type
(z=2.170). In other words, it is the tokens that are
maximally decreased in nasality (following the
linguistic pattern of decreased nasality in the target
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The current study investigated the target of phonetic
accommodation by comparing two types of phonetic
accommodation in a perceptual similarity assessment
(AXB): linguistic imitation (imitating within-speaker
linguistic/phonetic patterns of reduced nasality) and
acoustic imitation (imitating acoustically high
nasality). We observed a greater perceived phonetic
convergence for tokens with decreased nasality
(reflecting linguistic imitation) than for those with
increased nasality (reflecting acoustic imitation). The
perceived phonetic convergence was comparable
between tokens that showed acoustic imitation and
tokens with no change at all. In other words, it was
the tokens that were maximally decreased in nasality
(following the linguistic pattern of decreased nasality
in the target stimuli) that most triggered a “post”
response and not the tokens that were increased in
nasality (following the acoustic pattern of greater
nasality in the target stimuli), strongly suggesting that
within-speaker linguistic/phonetic similarity, rather
than raw acoustic similarity, was the basis for
listeners’ perceptual similarity judgments. Given this,
the phonetic accommodation of reduced nasality
observed in [19] should be interpreted as convergence
toward the modeled linguistic target, even though
speakers might have diverged acoustically.
In [2], male speakers yielded stronger F0
accommodation as measured by DID than female
speakers, but a group of listeners judged the female
speakers as exhibiting greater convergence. These

findings may point to a similar distinction between
linguistic and acoustic targets. Although it is possible
that the difference between the acoustic measure and
the perceptual measure is due to listeners tuning into
cues other than F0, it is also possible that the
difference results from perceptual judgments based
on within-speaker linguistic patterns, rather than
absolute acoustics.
[13] argued that a holistic measure of phonetic
convergence should take into account a combination
of various acoustic measures. Our results suggest that
in addition to acoustic measures, phonetic
accommodation should be interpreted with respect to
linguistic patterns. When degree of phonetic
accommodation is assessed by measures like DID that
consider only acoustic distance along a given
dimension, linguistically-predicted direction of
change should be considered as well. In the F0 study
[2] described above, for instance, it is possible that
female speakers’ acoustic accommodation would
have appeared greater if it had been calculated
relative to within-speaker range of F0.
In an account of speaker normalization, [9] argues
that listeners perceive speech signals in general
relative to an internal representation of the talker. In
other words, the very percept of speech is withinspeaker linguistic/phonetic patterns. (See also [6].)
Insofar as phonetic accommodation is a reflection of
speech perception, it is reasonable to assume that
speakers employ within-speaker phonetic patterns
rather than a raw acoustic target when they converge
phonetically.
In fact, notably, the listeners in the current study
demonstrated their reliance on these linguisticallyrelative representations in their perception of both the
model talker and the comparison talkers. In order to
recognize the Ling_Max post-exposure productions
(as opposed to baseline productions) as more similar
to the model talker, they had to extract the linguistic
pattern of reduced vowel nasality in both the model
talker’s and potential imitators’ (AB talkers’) speech.
The fact there was no Trial effect in the current study
indicates that the extraction of these linguistic
patterns can happen very quickly without much
exposure to the talker or to the patterns. Presumably,
the AB talkers who imitated in the earlier study
employed similar normalization in their perception of
the model talker. And the fact that those talkers
imitated even in a post-test following exposure (not
in an immediate shadowing task) indicates that the
influence must be durable [19].
Previous work suggests that listeners are indeed
sensitive to degree of coarticulatory nasality, as it is
modified systematically in various perceptually
sensitive lexical [16, 17] and communicative [17]
contexts. Further, we know that listeners perceive
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words with an increased degree of appropriate
coarticulatory nasality better than words with less
[17]. In the stimuli of the current study, we speculate
that the relative modification (reduction) of degree of
nasality could be perceived and interpreted by
listeners either through comparison of the nasality of
the vowel (the only modified portion of each stimulus
word) with the nasality of the unmodified adjacent
oral and nasal consonants or through sensitivity to the
trajectory of A1-P0 change. Although specific A1-P0
values vary across speakers (e.g., [18]), the nasality
trajectory across a pre-nasal vowel is consistently a
cline from nearly oral to nasal. Our nasality
modification methodology involved mixing the
vowel portion of a word with nasal coda with that of
non-nasal coda, yielding a shallower trajectory of
change in nasality across the vowel in our target
stimuli than in naturally-produced tokens.
In the current study, the observed influence of ND
indicates that durable representation is playing a role
in the perception task as well. Thus, [19]’s results,
along with the results of the current study suggest that
in
processing
speech,
listeners
evaluate
representations that are dynamically alterable and
linguistically sensitive in a speaker-specific way.
(See also [4].)
The idea of dynamically alterable phonological
representation is consistent with various existing
representational
accounts
of
phonetic
accommodation (e.g., exemplar models [7, 10] and
the interactive alignment model [14]), which assume
that accommodations occur because representations
are aligned or updated with details from heard
utterances. Our results indicate further that these
representations must be sensitive to within-speaker
phonetic patterns, since these within-speaker
phonetic patterns seem to be the target of phonetic
accommodation.
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A perceptual investigation into the laryngeal contrast for word-initial labial stops
in the non-standard German variety, Upper Saxon
Franziska Kruger
Indiana University

fkruger@indiana.edu

ABSTRACT

Figure 1: Saxony in Germany (small map, black)
and USax regions (large map) with /k-/ isogloss
(adapted from [3]).

Standard German (SGer) maintains a contrast
between lenis (voiceless unaspirated) stops and
fortis (voiceless aspirated) stops. For the nonstandard German variety Upper Saxon (USax),
traditional accounts report that only lenis stops are
retained. Thus, <Bass> (bass) and <Pass>
(passport) are a minimal pair in SGer but
homophones in USax. However, recent phonetic
investigations suggest that USax speakers produce
fortis stops with aspiration.
This study examines word-initial labials in USax
speakers’ utterances. It also uses a discrimination
task to explore if SGer and USax listeners can
distinguish USax fortis from lenis stops.
The analysis revealed that few USax speakers
produced a clear fortis/lenis distinction. On the
perceptual task, the SGer listeners perceived
aspiration on fortis stops more reliably than the
USax listeners. These results support traditional
descriptions that claim aspiration is not phonemic in
USax. They also indicate that USax speakers might
be less accustomed to using this cue in perception.

This paper focuses on the lenition of word-inital
labial stops in speakers from the southern regions.
Unlike alveolar stops, they have not yet been
phonetically investigated [13][21], but see [15].
In 1961, [9] observed that stop lenition was still
an obligatory feature in the regiolect of many
speakers. Recent investigations contradict his
observation, although the results are inconsistent. In
[15], speakers from Dresden produced word-initial
fortis stops with aspiration. [21] also reports
speakers from Dresden producing 60% of their /t/initial tokens as aspirated i. This is surprising, given
the assertions that labial and alveolar fortis and lenis
stops have merged in this region [14]. [13]
investigated word-medial /t/ and /d/ in speakers
from Dresden and Chemnitz. Most of her
participants did not create a fortis/lenis distinction.
Several speakers, however, produced lenis stops
with voicing during closure, differentiating them
from fortis stops, which remained voiceless. Other
speakers used stop closure durations to distinguish
the fortis and lenis category. [13] excluded aspirated
fortis tokens as hyperarticulated from her analysis.
However, as USax speech incorporates
phonological features from the standard variety
[1][9][10] or might be undergoing a sound change
that is undoing the lenition process [15][17], these
instances of aspiration may have been speakerspecific strategies to create the fortis/lenis contrast.

Keywords: Upper Saxon, laryngeal contrast, VOT,
aspiration, speech perception.
1.

INTRODUCTION

1.1. Background

Upper Saxon is spoken in western and central parts
of modern-day Saxony, Germany. Traditional
accounts report an USax stop system where fortis
/p, t, k/—voiceless and aspirated in SGer—are
lenited and produced as lenis (voiceless
unaspirated) /b, d, g/. Labial and alveolar stops are
voiceless and unaspirated in most areas, while
lenition of word-initial velar stops is restricted to the
northern regions [1]. Varieties in the southern areas
retain the velar stop as voiceless, aspirated /k/
[10][14]. Thus, /k/ creates an isogloss between the
northern and southern regions of USax.
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were speakers of USax, and 20 listeners spoke a
standard variety of German and had had no
systematic exposure to any USax dialects. We
included both USax and SGer listeners to explore
dialect familiarity effects. We hypothesized that if
subtler acoustic cues are used to indicate a contrast,
they might be perceivable only to speakers who had
grown up speaking the dialect [8]. No participant
had grown up bilingually, and none indicated
having hearing, visual, speech, or cognitive
impairments. All passed a hearing test.

Since the word onset carries the heaviest burden
of lexical access and retrieval, neutralization in this
position is typologically rare [4]. It is thus likely that
speakers would strive to re-introduce the contrast in
word-initial position. Speakers of other German
varieties that reportedly lenite their fortis stops have
been found to implement a word-initial laryngeal
contrast [2][6][20]. In [23], some speakers of
Tyrolean German—a variety where word-initial
fortis and lenis stops are still merged—produced
lenis stops with voicing lead. Their fortis stops were
neither voiced nor aspirated. These studies indicate
that different varieties use different acoustic cues to
re-introduce a phonemic contrast. However, [23]
acknowledge that it remains to be seen if their
findings indicate a change in progress and if the
observed distinction is perceptually salient. While
the studies of [13], [15] and [21] suggest that USax
speakers might now be producing the laryngeal
contrast by means of aspiration, the phonemic
function of aspiration in USax fortis stops is still an
empirical question.

2.2. Stimulus materials

2.2.1. Production stimuli (stage I)
In a word list, 20 /b/- and /p/-initial target word pairs
were randomly interspersed between distractor
items (Ntotal = 120, 1:3 ratio). All target word pairs
were matched in syllable number, stress pattern and
the following vowel (see Table 1 below). Speakers
read the entire word list twice. Recordings were
made with a portable ZOOM H2n recorder at
44.1kHz and saved as WAV files.

1.2. Research Questions

2.2.2. Perception stimuli (Stage II)

This study was conducted in two stages. First, we
recorded speakers from the southern region and
investigated if they produce a laryngeal contrast.
Specifically, we investigated voice onset time
differences (VOT, [6]) in word-initial labial stops.
We then chose a subset of speakers to be included
in stage II. Stage II explored if USax and SGer
listeners could identify phonemically relevant
information in USax speech that would allow them
to discriminate USax lenis and fortis stops.

Stimuli for the discrimination task were word-initial
syllables from a subset of stage I utterances. The
task included two target contrasts (/bal-pal/, /bumpum/) and a control contrast (/ties-nies/).
Recordings from KN, IK, and ES where chosen to
be included in this task. Table 1 lists the target
contrasts and the words from which they were cut.
Table 1: Word pair examples (from stage I) and
discrimination task target stimuli (stage II).

2. METHOD

Syllable
bal-pal
bum-pum

2.1. Participants

2.1.1. Participants (speakers, stage I)

Original item (gloss)
Ballast (ballast)
Palast (palace)
Bummel (stroll) Pumpe (pump)

Syllables were arranged as triplets (same: BBB,
PPP, different: BPP, PBP, PPB, PBB, BPB, BBP).
In same-triplets, all speakers said the same syllable.
In different-triplets one speaker said a different
syllable than the other speakers, e.g., /bal-pal-pal/.
During a training phase with 5 trials, participants
responded to the contrast /lø:v/-/mø:v/. The use of
three different voices, feedback during training, and
training repeat if participants did not reach the
accuracy threshold of 90% ensured that they focus
on the phonologically relevant information and
discard phonetically irrelevant differences (e.g.,
quality of recording, pitch, stimulus length, etc.)
[22].

All speakers (n = 6) had grown up and lived in or
around the larger area of Chemnitz until after high
school graduation. Three speakers had never left
(IK, KN, CX), while one had moved away for 15
years and later returned (MI). Two had permanently
left Saxony to live in Brandenburg (ES, GS).
Speaker GS was male, all others were female. None
had grown up bilingually.
2.1.2. Participants (listeners, stage II)
For stage II, we recruited 38 participants in
Berlin/Brandenburg and Saxony. Eighteen listeners
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A Mann-Whitney-U test showed that mean VOTs
for lenis stops (N = 196, M = 17.4ms, SD = 5.2) were
significantly shorter than for fortis stops (N = 196,
M = 30.5ms, SD = 11, U = 15971.5, p < .001, Figure
2 top). No speaker produced pre-voiced stops.

2.3. Procedure

2.3.1. Procedure (production, stage I)
Speakers recorded themselves at home in a quiet
room without the experimenter being present. The
materials were mailed to them, and instructions for
setting up the microphone and for the procedure
were given in written form. Participants were
instructed to read the word list twice in “Sächsisch”
(Saxon) and to repeat a word for a third time if there
was an unexpected background noise.

stop

Figure 2: Boxplots with VOT durations (in ms)
for word-initial /p/ and /b/: all stops averaged
(top) and arranged by speaker (bottom).

stop/speaker

2.3.2. Procedure (perception, stage II)
The contrasts were embedded in an oddity
discrimination task [22] (implemented in a web
browser with jsPsych [7]). Participants wore
headphones while working on an HP laptop. They
saw 4 buttons on the screen (3 robots, 1 large X). In
each trial, participants heard a triplet where each
robot said one syllable (e.g., balKN-palIK-palES).
They clicked on the robot that had said something
different or indicated that all robots had said the
same thing by clicking on the X. Trials (Ntotal = 72;
12 triplets x 3 contrasts x 2 iterations ii ) were
separated by 1000 ms. The inter-stimulus-interval
was set at 600 ms and response timeout at 6000 ms.
Participants were instructed to respond as quickly as
possible. The task took 10-12 minutes to complete.

3.1. Stage I: USax labial stop production

The analysis focused on word-initial VOT duration
for /b/ and /p/ as indicator for aspiration. Recordings
where the burst or voice onset could not be
unequivocally determined were excluded. A total of
392 tokens with word-initial labials were analyzed
in Praat [5]. Table 2 shows the number of analyzed
lenis and fortis tokens and the mean (M) VOT and
standard deviation (SD) for each speaker.

GS
ES
MI
IK
CX
KN

# Token

VOTlenis

VOTfortis

18/19*
36/40
35/36
34/35
40/39
33/27

22.9 (5.5)
12.3 (3.1)
20.0 (5.0)
13.9 (5.1)
12.0 (3.6)
22.9 (6.5)

27.2 (15.2)
25.3 (19.4)
48.5 (14.3)
38.4 (13.0)
19.7 (17.1)
23.7 (10.2)
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GS_fortis
ES_lenis
ES_fortis
MI_lenis
MI_fortis
IK_lenis
IK_fortis
CX_lenis
CX_fortis
KN_lenis
KN_fortis

VOT (in ms)

3.2. Stage II: USax labial stop perception

The minimum degree of aspiration necessary to
distinguish lenis and fortis stops in German varieties
is an empirical question. Furthermore, it has yet to
be established whether some varieties maintain the
contrast through other means (e.g., voicing-lead
[23]). The discrimination task in stage II explored if
USax word-initial fortis /p/ and lenis /b/ could be
perceived as fortis and lenis, respectively, based on
VOT duration or other acoustic cues. The speakers
that were selected for this task produced their fortis
stops with different degrees of aspiration. VOT
durations for each target syllable are given in Table
3.

Table 2: Number of word-initial lenis & fortis
labial stops and mean VOT (in ms) per speaker.
(lenis/fortis)

0

Figure 2 (bottom) shows that GS and KN did
not categorically distinguish between lenis and
fortis stops by means of aspiration, while the
distinction was significant for the other speakers
(ES: U = 361, p < .001; MI: U = 7, p < .001; IK:
t(67) = -10.10 iii, p < .001; CX: U = 525, p < .05).
It has been suggested that listeners rely on a
variety of cues to distinguish fortis from lenis stops
[12][16]. For SGer, aspiration is the most relevant
phonetic indicator to discriminate the word-initial
stop contrast [12][20], and VOTs for fortis labial
stops reportedly range from 48-54 ms [18]. Only
MI’s VOT durations for USax fortis /p/ reached that
value. For other USax speakers who produced the
distinction, fortis mean VOT ranged from 20-38 ms.

3. ANALYSIS AND RESULTS

Speaker

LENIS
FORTIS

M (SD)

Note: * GS read the list only once.
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p < .001, USax: MNO_DIFF = 0.3, SDNO_DIFF = 0.4,
MIK_DIFF = 0.6, SDIK_DIFF = 0.4, t(142) = 1.98, p <
.001 ). For the SGer listeners this was also true for
the /-um/ context (SGer: MNO_DIFF = 0.35, SDNO_DIFF
= 0.4, MIK_DIFF = 0.6, SDIK_DIFF = 0.5, t(158) = 1.98,
p < .001). Furthermore, SGer listeners perceived
IK’s /C-al/ fortis token significantly more often as
different than her fortis stop in /C-um/ (M/-al/ = 0.44,
SD/-al/ = 0.45, M/-um/ = 0.31, SD/-um/ = 0.43, t(318) =
1.97, p < .01). USax listeners’ detection patterns did
not significantly change based on the context.

Table 3: VOT (ms) per speaker for lenis and fortis
word-initial stops from the discrimination task.

Item

Speaker
KN
IK
ES
KN
IK
ES

/C-al/
/C-um/

Lenis /b/
20.9
16.4
9.7
26.0
13.1
15.6

Fortis /p/
24.5
34.0
15.0
24.9
31.6
15.9

We calculated d’ [19] to establish how likely
participants where to detect a fortis stop among lenis
stops and vice versa. While discrimination of the
control contrast was high (USax: d’ = 3.71, SD =
0.53, SGer: d’ = 4.00, SD = 0.25), d’ for the target
contrasts was low for both listener groups (USax: d’
= -0.16, SD = 0.16; SGer: d’ = -0.02, SD = 0.12).
The groups’ performance indicates that there were
no cues in the utterances that allowed listeners to
reliably identify the fortis or lenis stops as intended
by the speaker. A triplet like /pal-KN-bal-IK-bal-ES/
was frequently heard as /bal-bal-bal/.
Nevertheless, a detailed analysis of the response
patterns revealed that both groups were sensitive to
VOT duration. Figure 3 illustrates the response rates
where the groups identified the token with the
longest VOT duration in a triplet as different.

4. DISCUSSION
The production data (stage I) revealed that VOTs in
word-initial fortis /p/ and lenis /b/ largely
overlapped for the USax speakers. Even where
speakers produced fortis stops with aspiration, VOT
did not commonly reach the durations previously
described for SGer [11] or even other USax
speakers [15]. It has been suggested that the contrast
might be more pronounced in younger speakers
[15]. The data from this study does not support this
hypothesis. Speaker ages varied (KN, CX = 29; MI
= 57; IK = 66; GS, ES = 75) and did not correlate
with their fortis stop VOT duration. Instead, the data
align with traditional descriptions of USax, where
fortis stops in word-initial position are unaspirated.
The results from the discrimination task (stage
II) showed that listeners tried to rely on aspiration
duration to discriminate fortis and lenis stops. Fortis
stops with a VOT below 30 ms were not perceived
as different from USax lenis stops by either group.
Furthermore, no other acoustic cues (e.g., burst
intensity, formant transitions [11][16]) seem to have
emerged in USax to establish a fortis/lenis contrast.
Even though listeners from both groups
perceived stops with VOT above 30 ms as different,
the USax group was less likely than the SGer group
to label them as ‘different’. With increasing VOT,
the SGer group’s identification of the ‘different’
token—but not the USax group’s —became more
and more robust. This suggests that aspiration—a
well-established, distinctive cue in the phonological
grammar of SGer speakers—was salient to all
listeners, but its distinctive function was less
familiar to the USax listeners. Contrary to previous
phonetic investigations on USax stops [15][21],
these data seem to confirm traditional descriptions
where aspiration is not a contrastive marker in
USax. Further research is needed to determine the
status of the laryngeal contrast for alveolars and
velars in different positions and to establish a
complete picture of the modern USax stop system.

Figure 3: Scatterplot with response rate (in %)
for tokens with max VOT in a triplet identified
as different, USax (circle), SGer (triangle).
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Essentially, listeners approached this task as a
fortis-detection task. That is, they interpreted longer
VOTs (>30 ms) as indicator for ‘different.’ Both
groups rarely chose KN or ES stops as ‘different’
(6%). Even in the triplet /pal-KN-pal-IK-bal-ES/, they
marked IK’s token as different, despite ES’s token
being acoustically the most distant. Listeners in
both groups heard IK’s fortis token in the /-al/
context as different (i.e., fortis) significantly more
often, than not (SGer: MNO_DIFF = 0.12, SDNO_DIFF =
0.3, MIK_DIFF = 0.84, SDIK_DIFF = 0.3, t(158) = 1.98,
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For each contrast, listeners heard 6 different-triplets and 6
same-triplets (3 x BBB, 3 x PPP). The task further included
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We ran a t-test for IK, as her data were normally distributed.

ATTENTIONAL REORIENTATION EXPLAINS PROCESSING COSTS
ASSOCIATED WITH TALKER VARIABILITY
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tkp@bu.edu

ABSTRACT
Speech processing is slower when listening to multiple talkers versus one continuous talker. Is this difference due to facilitation from perceptual adaptation to
one talker’s speech or interference from sudden
switches between talkers? In two experiments, we examined how speech recognition speed depends on ongoing exposure to a talker. Listeners performed a
speeded word identification task, in which they heard
words from one talker for 2–7 consecutive trials before the talker switched. Word identification was
slowest on trials where the talker switched and faster
after a single exposure to a talker. However, additional exposure to a talker did not further expedite
word identification. Furthermore, more frequent
talker switches led to slower speech processing. Our
findings suggest that speech processing efficiency
does not depend on listeners becoming perceptually
adapted to a talker’s speech over time; rather, slower
speech processing after a change in talker results from
cognitive costs of attentional reorientation.
Keywords: talker adaptation, speech perception, auditory streaming, attentional reorientation
1. INTRODUCTION
Processing speech from multiple talkers introduces
substantial phonetic variability [7], which creates further ambiguity in the nondeterministic mapping between speech acoustic and listeners’ phonemic categories [12]. Correspondingly, listeners are less efficient at recognizing speech spoken by multiple talkers compared to one consistent talker [5,15,16].
It has been proposed that listeners’ perception becomes rapidly adapted to a talker’s speech [9,11],
with perceptual tuning to talker-specific phonetic features facilitating speech processing by reducing the
demands in resolving acoustic-phonemic ambiguity
[11,17]. However, an alternative explanation of the
relative interference from talker variability is that abrupt discontinuity in stimulus features disrupts listeners’ attentional focus during speech processing. Discontinuity in the source of speech (i.e., a change in
talker) imposes a cost to switch attention to the newly
encountered source [1,3]. Thus, processing speech
from multiple talkers may disrupt listeners’ ability to
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efficiently form a coherent stream of speech [6,18].
The impact of talker variability has been mostly
investigated by comparing processing speech from a
single talker against processing mixed-talker speech
where talkers constantly switched. Thus, it is unclear
whether there is a cost associated with processing
phonetically-variable, attentionally-disruptive speech
from mixed talkers vs. a benefit of adaptation to
speech from one continuous talker. Also, studies that
compare processing under single- vs. mixed-talker
conditions can reveal little about how processing
speech from one continuous talker unfolds over time.
Here, we examined how continued exposure to a
talker affects speech recognition using a speeded classification task. We investigated whether the duration
of exposure to a single, continuous talker influences
(i) listeners’ response time for identifying subsequent
words from that talker, and (ii) the magnitude of processing interference when switching to a new talker.
We varied the number of consecutive trials of speech
from a single talker prior to switching to a new talker.
If listeners become perceptually adapted to a talker
over time, additional exposure to that talker should
lead to faster speech processing. Furthermore, processing interference from an abrupt talker switch
should be greater after more adaptation (i.e., be larger
for less frequent talker switches). However, if talker
discontinuity disrupts attentional focus to the source
of a speech stream, word recognition speed should be
affected only when the talker switches, and greater interference incurred with more frequent switches.
2. EXPERIMENT 1
2.1. Methods

2.1.1. Participants
Native speakers of American English (N=20; age 18–
33 years) with normal hearing were recruited. Participants gave written informed consent, approved by
the Institutional Review Board at Boston University.
2.1.2. Stimuli and procedure
Two words (boot and boat) were recorded by four native speakers of American English (2 female) (Fig. 1),
and were normalized to equivalent RMS amplitude.

These words were chosen due to the high degree of
acoustic-phonemic ambiguity across talkers [5].
Figure 1: Phonetic variability across talkers for the
target words “boot,” “boat,” “bet,” and “bat.”

Listeners performed a speeded word identification
task. On every 2-s trial, listeners identified the spoken
word as quickly and accurately as possible using a
keypad (Fig. 2). We parametrically varied the number
of trials in a row with words from a single talker; listeners heard words from one talker for spans of 2–7
consecutive trials before the talker switched for the
subsequent span. All span lengths were equally attested across talkers, and the length of spans preceding a talker switch was balanced across talkers. Transition probabilities between the words and across the
talkers were equated throughout the experiment. Participants completed four, 326-trial blocks. The experiment was conducted in a sound attenuated chamber
using PsychoPy (v.1.8.1). Stimuli were delivered
with Sennheiser HD-380 pro headphones.
Figure 2: Illustrations of the word identification
tasks. Colors and fonts denote different talkers.

which participants’ log-transformed RT was greater
than 3 standard deviation from their mean were excluded (<1% of correct trials). Prior to analysis, RT
was log-transformed to ensure normality. Analyses
were carried out using two separate linear mixed-effects models (lme4 in R v3.3.3).
In the first model, we analysed how listeners’
word identification speed changed across successive
trials of a span after first encountering a new talker.
We modeled the number of consecutive encounters of
a talker as a fixed factor with 7 levels (0–6 trials; 0
being the first encounter of a new talker); we specified contrasts that tested the pairwise differences between successive increases in number of trials.
The second model examined whether the amount
of prior exposure to a talker affected listeners’ subsequent word identification when the talker switched.
The length of the prior span before a talker switch was
entered in the model as a factor (6 levels; 2–7 trials),
with contrasts testing the differences between successive increases in the number of preceding trials.
Both models included random intercepts by participant. The significance of each factor was determined based on Type-II Wald χ2 tests (car in R).
2.2. Results

First, we analysed how listeners’ word identification
speed changed across successive trials of a span from
the first encounter of a talker. We found a significant
effect of the number of repeated encounters of a talker
(χ2(6) = 564.25; p ≪ 0.0001); RTs were slowest upon
first encountering a talker (Fig. 3), but a single repetition of the talker led to significantly faster responses
(trial 0 vs. trial 1; β = –0.033, t = 18.46, p ≪ 0.0001).
On the second repeat, RT was slightly slower (trial 1
vs. trial 2; β = 0.0041, t = 2.22, p = 0.026), but became
faster again on the third repeat (trial 2 vs. trial 3; β =
–0.0094, t = 4.54, p ≪ 0.0001) and plateaued for further exposure to the talker (all ts < 1.51, ps > 0.13).
Figure 3: Mean RT for word identification on successive trials from a single talker. Error bars indicate ±1 standard error of the mean (SEM).

2.1.3. Data analysis
The main dependent measure was response time (RT)
on correct trials (accuracy: 96.2 ± 5.4%). Trials in

1646

Next, we analysed whether the amount of prior exposure to a talker affected listeners’ RTs when talker
switched. We found that this factor had a significant

effect on RT (χ2(5) = 23.69; p < 0.00025; Fig. 4); listeners’ responses were slower after less exposure to a
talker (2 vs. 3 repetitions: β = 0.008, t = 1.78, p =
0.075; 3 vs. 4 repetitions: β = 0.007, t = 1.66, p =
0.096). Longer exposures did not affect listeners’ RTs
at switch (all ts < 0.52, ps > 0.61).
Figure 4: Word identification RT on talker switch
trials as a function of the number same-talker preceding trials. Error bars indicate ±1 SEM.

2.3. Discussion

The results indicate that a single exposure to a talker
was sufficient to maximally facilitate speech processing; there was no additional benefit from longer
exposure to the same talker. Furthermore, hearing a
new talker was not more disruptive after longer exposure to a preceding talker’s speech; rather, briefer exposure to one talker before switching to a new one
increased processing interference. That is, more frequent talker switches resulted in slower word identification. This pattern is inconsistent with perceptual
adaptation to a talker. Instead, our findings are in line
with an alternative explanation—that talker discontinuity interferes with speech processing by disrupting
listeners’ attentional focus and auditory streaming.
However, the simplicity of the decision may limit
our ability to detect more graded changes in facilitation with sustained exposure to a talker. Could the
rapid plateau in word identification speed after a single exposure to a talker merely reflect their ability to
detect any change in acoustics from the previous trial
of the same talker [8,13]? In Experiment 2, we increased the number of target words to test whether
more graded perceptual adaptation might be evident
with more degrees of freedom in responses.
3. EXPERIMENT 2
3.1. Methods

3.1.1. Participants
New participants (N=13, age 18–24 years) met the
same inclusion/exclusion criteria as Experiment 1.
3.1.2. Stimuli and procedure
Stimuli comprised amplitude-normalized recordings
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of natural productions of four English words (boot,
boat, bet, bat) spoken by four native speakers of
American English (2 male, 2 female; Fig. 1).
Listeners identified a target word every 2 s by
clicking a mouse button on the matching word displayed on the screen (Fig. 2). On each trial, listeners
either heard a word spoken by the same talker as the
previous trial—for spans of 2–7 consecutive sametalker trials—or spoken by a different talker.
Listeners completed four, 444-trial blocks. In two
blocks, listeners were presented with all four target
words (4AFC). In the other two blocks, listeners
heard only two of the four words (2AFC), divided
into six sub-blocks for all six possible pairs of words.
As in Experiment 1, the number of spans of each
length were equated across talkers, as were the transitions between the number of successive trials prior
to switching to each talker. Transition probabilities
between the four target words and across the four
talkers, and the number of presentations of each stimulus were equated. The order of 2AFC and 4AFC
blocks were counterbalanced across participants.
3.1.3. Data analysis
RTs of correct trials were the main dependent measure (accuracy: 97.4 ± 2.8%). Log-transformed RTs
were analysed using two separate linear mixed-effects models.
Following Experiment 1, the first model examined
the effect of exposure to a talker within a span (7 levels; 0–6 trials) on identifying speech by that talker.
The second model examined the effect of the amount
of prior exposure to a preceding talker’s speech (6
levels; 2–7 trials) on the subsequent identification of
a word spoken by a new talker.
In both models, we also examined whether these
effects differed depending on the number of response
options (i.e., 2AFC vs. 4AFC) serving as a fixed factor in the model. Both models included random intercepts and slopes by participant. The significance of
factors was determined by Type-II Wald χ2 tests.
3.2. Results

First, we analysed whether the number of successive
exposures to a talker affected subsequent identification of the same talker’s speech, and whether it differed between the 4- vs. 2-word choice trials (Fig. 5).
This model of listeners’ RTs revealed significant effects of the number of repeated encounters of a talker
(χ2(6) = 90.92; p ≪ 0.0001) and the number of response options (χ2(1) = 112.40; p ≪ 0.0001), and their
interactions (χ2(6) = 13.00; p = 0.043). Listeners were
significantly slower at identifying words in 4AFC
than 2AFC trials across the sequence of same-talker
trials (β = 0.091, t = 10.55, p ≪ 0.0001). Furthermore,

a single repeated exposure to a talker after a talker
switch significantly expedited the RTs (trial 0 vs. 1; β
= 0.015, t = 5.81, p ≪ 0.0001) and the degree of RT
reduction was similar for 2AFC vs. 4AFC decision
trials (t = 0.80, p = 0.42). However, longer exposure
to the same talker’s speech did not lead to faster RTs
(trial 1 vs. 2, 2 vs. 3, etc; all ts < 0.51, ps > 0.61).
Figure 5: Listeners’ RTs for repeated exposure to a
talker from the first encounter with the talker. Orange and red lines indicate RTs in 4AFC and 2AFC
trials, respectively. Error bars indicate ± 1 SEM.
(Note that the y-axis range differs from Fig. 3.)

3.3. Discussion

Listeners were slower at identifying words when the
number of alternative choices increased. As in Experiment 1, a single exposure to a talker immediately facilitated identification of words spoken by the same
talker, even with the increased number of alternative
choices. Also, there was no additional facilitation
from longer exposure to the talker, even when there
were more response choices. Furthermore, our findings suggest that shorter amounts of exposure to a
preceding talker leads to greater interference in processing speech from a new talker regardless of the
number of choices that listeners have to make. Thus,
we again found that talker discontinuity disrupts listeners’ speech processing, and this disruption is exacerbated with increasingly frequent talker switches.
4. CONCLUSION
In two experiments, we examined why speech processing efficiency differs for single- vs. mixed-talker
speech. After the first encounter with a new talker,
further exposure to their speech did not make speech
processing more efficient. Likewise, processing interference when encountering a new talker was greatest
after shorter exposure to a prior talker.
Prior studies have variously described this difference as the benefit of talker adaptation or the cost of
interference from multiple talkers [3,5,15,17]. Our results suggest an account of speech processing where
listeners’ attention is disrupted by a change in talker,
rather than one where they become perceptually
adapted to a talker’s speech over time. Processing interference from mixed-talker speech appears to result
from attentional disruption that impairs listeners’
ability to form a coherent auditory stream [2,18].
It is possible that uncertainty about the upcoming
talker can influence speech processing efficiency
[14], as we observed slower responses when listeners
encountered the same talker’s speech for three consecutive trials than a single repeat of a talker (Fig. 3).
However, recent work indicates that not only does a
change in talker consistently interferes with speech
processing efficiency, but that repetition of a talker is
always facilitatory, regardless of listeners’ expectation about the upcoming talker [4,10]. Furthermore,
the structural certainty/uncertainty about the upcoming talker was identical in both Experiments 1 and 2,
but we did not observe the same pattern of RT
changes between repetition trials 2 and 3 in these two
experiments. Thus, rather than the top-down expectation about the talker, bottom-up change in the source
of speech stream may make the greater contribution
to processing interference from mixed-talker speech.

In the second model, we examined whether listeners’ RTs on talker-switch trials were affected
by the amount of exposure to the preceding talker,
and whether this effect depended on the number of
response options (Fig. 6). The model on RTs at
talker-switch trials revealed significant effects of
the amount of exposure to the preceding talker
(χ2(5) = 23.54; p < 0.0003) and the number of response options (χ2(1) = 107.58; p ≪ 0.0001), but
no significant interaction between these factors
(χ2(5) = 1.96; p = 0.85). Listeners were significantly slower when the preceding talker was heard
for two compared to three trials (β = 0.021, t =
3.25, p = 0.0012). RTs were slightly slower with
an additional repetition of the preceding talker (4
vs. 3 trials; β = 0.015, t = 2.28, p = 0.023), but additional exposure to the preceding talker did not
affect RT (all ts < 1.86, ps > 0.063). While listeners were slower when choosing from among four
words than two at switch trials (β = 0.088, t =
10.37, p ≪ 0.0001), the effect of the number of
prior exposures at switch was similar for both conditions (all ts < 1.18, ps > 0.24).
Figure 6: Word identification RTs at talker-switch
trials across preceding talker span lengths. Light
and dark blue lines indicate 4AFC and 2AFC trials,
respectively. Error bars indicate ± 1 SEM.
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ABSTRACT
We designed an experiment aiming to investigate
variation in the pitch range of the two languages of
Japanese-English sequential bilinguals. Data were
collected from eight Japanese-English bilinguals and
eight English monolinguals in London (UK).
Preliminary results from a reading task show
significant differences across the pitch profiles in the
English of the bilinguals and the English of the
monolinguals, as well as significant cross-linguistic
differences across the pitch profiles of the two
languages of the bilinguals. The observed betweengroup differences are consistent with previous
findings on pitch profiles of languages spoken as an
L1 and an L2. The within-group differences show an
unexpected pattern: the bilinguals’ mean F0s in
English are higher than their mean F0s in Japanese,
irrespective of whether female or male. This could be
attributed to increased stress due to L2 anxiety or to a
potential change in the language norms of Japanese.
Keywords: Pitch range, prosody, bilingualism, L2
acquisition, sex
1. INTRODUCTION
There is a substantial body of research on pitch which
has compared languages [4, 22, 27], dialects [15] and
social groups [6] showing that differences in pitch can
be due to (1) different phonological and intonational
structures, and/or (2) extra-linguistic factors,
including culture and emotional state. A few studies
have also compared F0 profiles in first (L1) and
second (L2) language speech [10, 33] showing that
pitch varies across the two languages of bilinguals
and this has been attributed to L1 prosodic transfer.
Following Ladd [16], pitch is considered a
manifestation of Fundamental Frequency Range
(FFR). There is a general consensus that pitch range
varies across two quasi-independent dimensions: (1)
level, which refers to the overall height of an
individual’s F0 and (2) span, which refers to the range
of F0s in a speech sample. However, as noted in [21],
there is no general consensus on the best approach for
quantifying these two dimensions. Here, we follow
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methods operationalized in [27] for level and [17] for
span (see section 2.4 for details).
Previous research has reported that Japanese
females use a much higher pitch level than EuroAmerican females [6, 19, 24, 25], due to the sociocultural constraints linked to ‘being female’ in Japan
[19, 24, 25]. In contrast, Japanese males have been
reported to use a low pitch level to maintain a “cool”
profile [19]. Using a reading task, Graham [12]
investigated cross-linguistic variation in the pitch of
simultaneous balanced Japanese-English bilinguals
and found that both females and males used a higher
pitch level and a wider pitch span in Japanese
compared to English. It was considered of interest to
investigate sequential bilinguals as they might be
more subject to linguistic and cultural transfer from
their L1 to their L2 [10], which could be modulated
by differences in Age of Acquisition (AoA), Length
of Residency (LoR) in the L2 country and L2
proficiency (as shown in [33]). The term bilingual is
used to describe people who use two or more
languages in their daily lives [13], in line with similar
research examining differences in individuals who
speak more than one language [18].
The present study is an initial stage investigation
on the pitch range of the two languages of JapaneseEnglish sequential bilinguals. To this end, we
compared the pitch range of the bilinguals in English
to the pitch range of native monolingual speakers of
English [as in 10, 22], as well as the pitch range of the
two languages of the bilinguals [as in 12, 19, 24, 25].
Our corpus was also balanced by sex, i.e. “the
individual biological status as female, male or
intersex” [3, p.2], allowing us to look into the effect
of this variable in the speech of the two groups of
participants. We expected to find differences in pitch
profiles between English as an L1 and an L2, as well
as a difference in the pitch range of the two languages
of the bilinguals. We also expected Japanese females
to show greater differences in their pitch profiles both
across sex groups and across languages, due to
Japanese language socio-cultural norms.
2. METHODS
This study was part of a larger study carried out both
in London (UK) and in Tokyo (JP).

2.1. Participants

Sixteen participants, all residents of London, UK,
took part in the study, divided into two groups: (1) 8
Japanese-English sequential bilinguals – JEB (4
females and 4 males) and (2) 8 SSBE functional
monolinguals – EM (4 females and 4 males).
Prior to data collection, participants were asked to
complete a language background questionnaire
adapted from LEAPQ [20] and MSI-Goldsmiths [23].
All bilingual participants considered Standard
Japanese to be their L1, followed by English, which
they all acquired from childhood through formal
education. Overall, the bilingual participants of this
study were consecutive bilinguals, varying in degrees
of AoA and LoR and self-reported L2 proficiency on
a scale from 0 (none) to 10 (perfect) (see Table 1
below). In contrast, the SSBE native speakers
reported English as their L1 and to have studied some
languages mainly at secondary school but not to be
proficient nor to use them on a daily basis. The 8 EMs
only ever resided in England and had only been
abroad for holidays.
Table 1: Language background information of
participants of both groups (SD in brackets).

Group
JEB
EM

Age
(yrs)
30
(7.1)
25 (6.4)

AoA
(yrs)
11
(3.1)
n/a

LoR
(yrs)
6
(4.4)
n/a

The reading task was the second task of a longer
study comprising 3 tasks and 3 questionnaires.
Participants were comfortably seated at a computer
and presented with an interface created in PsychoPy
1.85.2 [29]. Participants were instructed to read each
sentence naturally without changing the words in any
way. To minimize interference from the investigator
[11] and avoid influences in terms of phonetic
imitation [1] or gender interactions [7] on the speech
of the participants, instructions were given by a
gender-neutral animated character created in Adobe
Character Animator [2], who ‘spoke’ to the
participants via speech bubbles. The study was first
created in English and then translated into Japanese
by a professional translator. The translation was
subsequently blindly back-translated into English by
another translator, as recommended for cross-cultural
research [9].
Each stimulus was presented only once, in a
randomised order. Bilinguals did the study in both of
their languages separately with a 30-min break
between halves to account for language modes [14];
languages were counterbalanced across participants.
2.4. Phonetic analysis

L2
proficiency
7.5
(1.2)
n/a

2.2. Stimuli

The stimuli which the participant read out consisted
of 16 English sentences and their translations in
Japanese taken from [12]. They comprised four types
of sentences: Alternative questions (Alt_QS),
Declarative questions (Dec_QS), Declarative
statements (Dec_ST) and Wh-questions (Wh_QS).
Four sentences for each type were used. These
sentences were chosen because they are favourable
for pitch analysis, i.e. they contained a high amount
of fully voiced segments, whilst being short enough
to typically correspond to a single intonational phrase
(IP) and so control for declination effects [28].

FFR measurements were made for the two aspects of
pitch range described previously: level and span.
Recordings were first segmented and then visually
and auditorily inspected in Praat [8] before running a
customized script to extract pitch variables across
each sentence. Waveforms and spectrograms were
examined in 5-10 second intervals to check for octave
jumps and/or doubling, as well as for sections of
creaky voice which were removed from the analysis.
For females, the pitch floor was set at 100 Hz and
pitch ceiling at 500 Hz. For males, pitch floor was set
at 75 Hz and ceiling at 300 Hz. Following [27], for
pitch level, mean, min and max F0 were extracted; for
pitch span, the 80% range was obtained as in [17].
3. BETWEEN GROUP DIFFERENCES
We first aimed to expand upon prior work on L2
acquisition of prosody by asking whether JEB and
EM differed in the use of pitch range in English.
3.1. Statistical model

2.3. Experimental Procedure

Data collection took place in a soundproof IAC booth
in the QMUL Phonetics Lab. The recording chain was
a Røde NT1-A condenser microphone (cardioid polar
pattern) and a Steinberg UR22 audio interface
(microphone preamp and analogue to digital
converter). All audio was recorded on a MacBook Pro
at a sample rate of 44.1 kHz, 16-bit.
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Linear mixed-effects models for measures of both
pitch level and span were built in R [30] using the
lme4 package [5]. Speaker and sentence were
included as random intercepts. Predictor variables
included Group (JEB vs EM), Sex (Female vs Male),
Sentence type (Alt_QS, Dec_QS, Dec_ST, Wh_QS),
and
interactions
between
Group:Sex
and
Group:Sentence type.

(ß=3.9, 3.249, corrected p=.011), whereas
differences in the female bilinguals did not reach
significance (ß=3.9, 2.481, p=.028).
Pearson product-moment correlations were run to
investigate the potential relationship between span of
the bilinguals and AoA, LoR and L2 Proficiency. No
significant relationships were found.

3.2. Results: Pitch level
Figure 1: Boxplot of mean F0 (Hz) by Sentence
type, divided by Group.

Figure 2: Boxplots of span (ST) by Sentence type,
divided by Group.

There was a significant effect of Group (ß=25, 3.610,
p=.002), i.e. Japanese-English bilinguals showed an
overall higher mean F0 in their English compared to
the SSBE monolinguals. There was also a significant
effect of Sentence type (ß=-16, -6.652, p<.0001), i.e.
Declarative statements elicited an overall lower mean
F0; as well as a significant effect of Sex (ß=-96, 13.924, p< .0001), i.e. males showed an overall lower
mean F0 compared to females. There were no
significant interactions.
Due to clear differences in mean F0 across male
participants visible in Figure 1, data were further
partitioned by sex and two separate mixed effect
models were run for female and male participants
separately. Model parameters were the same as for the
previous analysis. Bonferroni-corrected results show
that Japanese males’ mean F0 was significantly
higher than the SBBE males (ß=32, 2.766, corrected
p =.024). Difference in mean F0 between Japanese
females’ and SBBE females did not reach
significance (ß=18, 2.751, p=.051).
Pearson product-moment correlations were run to
investigate the potential relationship between mean
F0 of the bilinguals and AoA, LoR and L2
Proficiency. No significant relationships were found.

4. WITHIN GROUP DIFFERENCES
Having observed between-group differences, we next
investigated whether there was variation within the
bilinguals.
3.1. Statistical model

Linear mixed-effects models of both pitch level and
span were created as before. Speaker and sentence
were again included as random effects. Predictor
variables included Task language (English vs
Japanese), Sex, Type of sentence, and interactions
between
Task
language:Sex
and
Task
language:Sentence type.
3.2. Results: Pitch level
Figure 4: Boxplots of mean F0 (Hz) by Sentence
type, divided by Task language for bilinguals.

3.3. Results: Pitch span

There was a significant effect of Group (ß=3.3, 3.121,
p=.011), i.e. Japanese-English bilinguals showed a
wider span in their English compared to the SSBE
monolinguals. There was also a significant effect of
Sentence type (ß=-1.9, -2.493, p<.0001), i.e.
Declarative questions elicited a narrower span.
Declarative statements also elicited an overall
significantly narrower span (ß=-2.1, -2.680,
p<.0001).
As for pitch level, separate models were run for
female and male participants. Male bilinguals showed
a significant wider span than male monolinguals
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There was a highly significant effect of Task

language (ß=-23, -5.613, p<.0001), i.e. Japanese
evidenced an overall lower mean F0 compared to
English in the speech of the bilingual participants.
There was also a highly significant effect of Sex (ß=88, - 9.977, p<.0001), i.e. overall males’ mean F0
were significantly lower than the females’, but no
significant interaction between Task language and
Sex. Again, Declarative statements elicited a highly
significant lower mean F0 in both languages (ß=-19,
-4.172, p<.0001). There was also a highly significant
interaction between Task language and Sentence type
(ß=18, 3.409, p<.0001); i.e. in Japanese, Declarative
questions elicited a mean F0 higher than in English.
3.2. Results: Pitch span
Figure 5: Boxplots of span (ST) by Sentence type,
divided by Task language for bilinguals.

There was a highly significant main effect of Task
language (ß=2.3, 9.773, p<.0001), i.e. Japanese
evidenced an overall wider span compared to English
in the speech of the bilingual participants. No main
effect of Sex was found, nor interactions between
Task language and Sex. Declarative sentences elicited
an overall narrower span (ß=-1.1, -3.001, p=.009) and
Wh-questions an overall wider span (ß=0.8, 0.542,
p=.039).
4. DISCUSSION
Though preliminary, the results yielded some
noteworthy observations regarding the pitch profiles
of the bilinguals.
First, the study confirms and extends findings
about differences in pitch range between languages
spoken as an L1 and L2. We found that the bilinguals’
pitch range in English differed from the pitch range
of the monolinguals: specifically, the model estimate
for the bilinguals’ mean F0 in English was 25Hz
higher than the monolinguals’ mean F0. Moreover,
the model estimate for the bilinguals’ span was 3.3ST
wider than the monolinguals’ span. This is consistent
with previous research on the pitch range of L2
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speakers [10, 33] and could be attributed to a transfer
from the L1 to the L2.
To investigate the possibility of such transfer, a
separate analysis compared the pitch ranges of the
bilinguals across their two languages. As expected,
we found a difference between the pitch profiles of
the bilinguals in their two languages; but
unexpectedly our results showed that the mean F0 of
the Japanese-English bilinguals in English was
significantly higher than their mean F0 in Japanese
for both women and men. This is not consistent with
mean F0 patterns previously reported for JapaneseEnglish bilinguals [12, 19, 24, 25]. Research on SLA
has shown that reading tasks correlate with increased
anxiety in students [32], and previous work on pitch
range and emotions has shown that stress and
fear/panic lead to higher mean F0 values [31]. This
may account for why our bilinguals had not only a
higher mean F0 in English than the monolinguals, but
also a higher mean F0 in their English than in their
Japanese. However, it may also be that language
norms in Japanese have changed since the
aforementioned studies were undertaken. Span results
are consistent with [12].
We were also interested in the effect of sex of
speaker on pitch range. Our results did not show sex
related differences, i.e. all bilinguals’ English mean
F0s were higher than the mean F0s of SBBE speakers
and all bilinguals’ mean F0s in English were higher
than their mean F0s in Japanese. Interestingly, if
anything, our results suggested that Japanese-English
males are the ones driving the difference in mean F0
across bilingual and monolingual groups. Previous
literature has reported an effect of gender on the mean
F0 of Japanese monolinguals and bilinguals, whereby
Japanese females’ high mean F0s were explained as a
consequence of gender-roles in the Japanese culture
[19, 24, 25, 26]. Why did Japanese-English males,
and not females, have a significantly higher mean F0
in English compared to monolinguals of the same sex
in this study? At present, it is difficult to draw any
definite conclusion due to the small sample size of the
current study, but since Japanese males have been
reported to use a low mean F0, which in English
implies ‘being cool…even unpleasant’ [19, p.83], it
might be argued that these speakers increased their
mean F0 in English, potentially subconsciously, to
ensure they portrayed themselves as pleasant.
In sum, our results showed an unexpected pattern
in the mean F0 of the two languages of JapaneseEnglish bilinguals in that the bilinguals’ pitch level in
English was significantly higher than their pitch level
in Japanese, irrespective of sex. Further investigation
using a larger data set, natural speech and/or different
methods is needed to deepen our understanding of the
potentially changing pitch patterns in this population.
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ABSTRACT
Studies on second language acquisition have shown
that the use of a foreign language is often associated
with lower fluency, higher pitch level, and reduced
pitch span. This paper examines the question of
whether low literacy skills in one’s native language
have similar effects on read speech. Using a withinspeaker design, fluency measures and long-term distributional measures of pitch level and span were obtained for read speech from early High and Low German bilinguals who were less literate in Low German
than in High German. Results indicate lower fluency
and higher pitch level for Low German speech. Pitch
span varied by gender. Males compressed it in Low
German speech while females expanded it. These results suggest that low literacy skills in one’s native
language may have acoustic effects on read speech
similar to those found in speaking a foreign language,
and that gender should also be taken into account.
Keywords: pitch level, pitch span, fluency, literacy,
bilingualism.
1. INTRODUCTION
Speaking a foreign language is a cognitively demanding task that often is accompanied by a reduction of
oral fluency. A decrease of fluency in L2 speech was
observed both in comparing the L1 and L2 speech of
the same speakers [14, 30] and in comparing the
speech of natives and non-natives speaking the same
language [10, 13, 19]. Differences in fluency were
found in various temporal variables including speech
rate, articulation rate, phonation/time ratio, mean
length of runs, mean length of silent pauses, duration
of silent pauses per minute, and number of silent
pauses per minute. Fluency measures were reported
to correlate with the level of proficiency in the L2 [19,
20, 23]. The reduction of fluency in low-proficient L2
speech can be attributed to increased cognitive effort
when speaking an L2, which requires more planning
time [10, 12].
Acoustic effects of increased cognitive effort were
also found for speaking fundamental frequency
(SFF). An increase of pitch level was observed in
comparing the L1 and L2 speech of the same speakers
[15, 16]. The comparison of the speech of natives and
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non-natives speaking the same language shows less
consistent results, possibly due to the influence of the
L1 [32, 33].
L2 speech was also found to have a compressed
pitch span and reduced variance when compared to
the L1 speech of the same speakers [31, 34] and when
compared to native speakers of the same language [5,
13, 24, 31-33]. The findings of [31] further suggest
that the difference in pitch span decreases with increasing experience in the L2.
Similar effects on fluency and SFF were found in
bilingual speakers. In non-balanced bilinguals, lower
fluency was found in the non-native or non-dominant
language [9, 22]. Furthermore, un-balanced bilinguals had a higher pitch level and a narrower pitch
span in the non-native or non-dominant language [6,
26]. Deviating results were found for speakers with
high proficiency in the L2 and speakers of a tone language [1, 7, 22]. The study of balanced simultaneous
bilinguals by [11] shows that language-specific factors can be relevant in non-tonal languages as well.
Finally, the study of balanced Welsh-English bilinguals by [27], who found an expanded pitch span in
Welsh female speech, suggests that sociocultural factors and societal expectations should also be taken
into account.
Overall, these results point to less fluency, higher
pitch level and narrower pitch span in the L2 of language learners and in the weaker language of bilinguals. Less attention has been paid to the question of
how low literacy skills resulting from a lack of reading experience affect fluency and SFF in read speech
(cf. [3]). In particular, when examining regional or
minority languages, which are predominantly used in
oral communication, the possible effects of a lack of
reading experience deserve more attention. An interesting case in this respect is Low German, a regional
language spoken in northern Germany, which is divided into several dialect groups and has no standard
variety. There are almost no monolingual speakers of
Low German left today. However, there are still many
older speakers who grew up with Low German as
their first language and who have acquired High German in their first years of life or at the latest when
they entered primary school. Most if not all of these
speakers are less familiar with reading in Low German than in High German. In a recent survey in northern Germany, more than half of the respondents said

they could read Low German well or moderately well,
while only 13% reported that they had read a Low
German text within the last week [25]. The positive
assessments of their own reading competence could
be partly due to the fact that Low German is largely
written according to the principles of the High German spelling, which considerably facilitates lowlevel decoding processes. The reported lack of reading experience suggests that reading in Low German
is nevertheless an unfamiliar task for them and requires increased cognitive effort.
This paper examines fluency and SFF in the read
speech of early bilinguals of High and Low German
who speak both languages equally well, but have less
reading experience in Low German than in High German. While these speakers are expected to be less fluent in Low German than in High German, it remains
to be clarified whether this difference is due to a lower
rate of articulation, which would indicate difficulties
in lower-level processing, or to more or longer pauses, which would indicate difficulties in higher-level
processing. In addition, effects on SFF reported for
L2 speech are expected, that is an increased pitch
level and a reduced pitch span. As the self-evaluations
reported in [25] suggest that those women who have
any knowledge of Low German speak it better than
men we include gender as an additional factor.
2. METHOD
2.3 Participants

We recruited 64 speakers for this study, 29 women
and 35 men. The age of the female speakers ranged
from 40 to 80 (mean = 68.4, SD = 10.1) and the age
of the male speakers from 40 to 82 (mean = 66.4, SD
= 11.4). All participants are early bilinguals of High
and Low German who acquired Low German as a
first language and High German at the latest when
they entered primary school. While the participants
speak both languages fluently and use them in everyday life, they are much more familiar with reading
High German than Low German. Hence, oral reading
in Low German should pose a particular challenge to
most participants.
The participants were recruited in 16 villages of
the Bersenbrücker Land, which is located in the federal state of Lower Saxony in northwestern Germany.
These villages pertain to two dialect groups of Low
German, the Northern Low Saxon group in the north
and the Westphalian group in the south. As no regional differences in fluency and SFF were found and
regional variation was not the focus of the present
study, the dialectal background of the speakers will
be ignored (see [28] for more information).
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2.2 Recording procedure and tasks

Speech samples were recorded in the clubhouses of
the local heritage societies of the 16 villages. Each
participant was asked to read Aesop’s fable ‘The
North Wind and the Sun’ in High and Low German.
The order of the language versions was changed
quasi-randomly between the speakers. The Low German version was a translation of the High German
version into the local dialect, which was provided by
members of the local heritage societies.
2.4 Recordings and acoustic analysis

All speech samples were recorded on a digital audiotape (DAT) recorder (Tascam DR-100). The recordings were digitized at a sampling rate of 48 kHz and
with 16 bits/sample quantization. Acoustic measures
include seven fluency variables and two SFF variables. The following fluency variables were examined
(dur1 = total duration of speech (sec), dur2 = duration
of speech without internal pauses) (adopted from [8]
with small adjustments): speech rate (number of syllables/dur1), articulation rate (number of syllables/
dur2), phonation/time ratio (dur2/dur1), mean length
of runs (mean number of syllables between silent
pauses), mean length of silent pauses (total duration
of all silent pauses/number of silent pauses), duration
of silent pauses per minute (total duration of all silent
pauses/(dur1/60)), and number of silent pauses per
minute (number of silent pauses/(dur1/60)). All these
variables were found to strongly correlate with fluency ratings in previous studies [8, 20]. Note that the
variables speaking rate, articulation rate and mean
length of runs were calculated with reference to syllables and not with reference to phonemes as in [8].
The seven temporal variables were measured automatically in Praat [4] with a script provided by [18].
This script determines syllable nuclei based on intensity and pitch information. As minimum pause length,
we chose 0.25 seconds, which falls in the range of
values that correlate most strongly with fluency judgments [17]. To determine optimal values for the remaining settings of this script, we labeled manually
eight sound files, in which the two languages, genders, and dialect regions were equally represented.
We ran the script with varying settings for the silence
threshold and the minimum dip between peaks and
determined the values that yielded the smallest absolute deviation from manually determined syllable
numbers in the automatic identification of the syllable
nuclei. These values were -20 dB for the silence threshold and 4 dB for the minimum dip between peaks.
The SFF measures included two long-term distributional measures, the mean pitch level and the pitch
span encompassing the middle 90% of all pitch values.

2.5 Statistical analysis

We performed linear mixed effects analyses using the
lme4 package in R [2, 29]. We built separate regression models for the dependent temporal and SFF variables introduced in sec. 2.4. As fixed effects, we entered LANGUAGE and GENDER into the initial models.
As random effects, we had intercepts for subjects. Pvalues were obtained by eliminating non-significant
effects of the initial model with the step function of
the lmerTest package and calculated using the Satterthwaite approximation [21]. Visual inspection of
histograms and residual plots did not reveal any obvious deviations from normality and homoscedasticity,
except for the variable mean length of runs, which
showed a right-skewed distribution. To compensate
for this deviation from the normal distribution we
used log-transformed data for statistical analysis.
3. RESULTS
Table 1 shows a significant main effect of LANGUAGE
for all fluency measures, except for articulation rate.
As can be seen in Figure 1, Low German speech has
a lower speech rate, a lower phonation/time ratio, a
shorter mean length of runs, a greater mean pause
length, a greater pause length per minute, and a higher
number of pauses per minute. For speech rate, phonation/time ratio, and pause length per minute, LANGUAGE was found to interact with GENDER. Male
speakers show a stronger reduction of speech rate and
a lower phonation/time ratio in Low German than female speakers, and a stronger increase of pause length
per minute. As speech rate is a compound measure
depending both on articulation rate and pause length,
the present findings suggest that the difference in
speech rate can be reduced to a difference in pausing
rather than in the speed of articulatory movements.
Table 1: Effects of LANGUAGE and GENDER on temporal variables.
Speech rate

LANG
LANG X GENDER

Articulation rate
Phonation/time ratio LANG
Run length
Mean pause length
Pause length/min
Pauses/min

LANG X GENDER
LANG
LANG
LANG
LANG X GENDER
LANG

β
-0.28
0.16
-0.06
0.03
-0.21
0.05
3.71
-2.02
2.75

SE
0.04
0.07
0.01
0.01
0.04
0.02
0.50
0.74
0.56

df
64
64
64
64
64
64
64
64
64

half an octave. For pitch span, LANGUAGE was found
to interact with GENDER. The right panel in Figure 2
shows that while the male speakers compressed the
pitch span when speaking in Low German, the female
speakers expanded it.
Table 2: Effects of LANGUAGE and GENDER on pitch
variables.
Pitch level
Pitch span

Speech rate
syll.
4.3

3.2

4.2

3.1

4.1

3.0

4.0

2.9

3.9

2.8

3.8

2.7

SE
0.12
0.70
0.33

df t
p
64 4.43 <.001
64 8.91 <.001
64 3.08 <.01

Articulation rate

syll.
3.3

3.7
HG

LG

HG

Phonation ratio

LG

Mean length of runs
13
syll.

0.825

12

0.800

11

0.775
10

0.750

9

0.725

8

HG

HG

LG

sec.

LG

Pause length/min

Mean pause length
sec.

0.75

16

0.70

14

12

0.65

t
p
-6.15 <.001
2.37 <.05
-7.40 <.001
2.72 <.01
-5.25 <.001
3.42 <.01
7.40 <.001
-2.72 <0.01
4.89 <.001

β
0.53
6.21
1.00

LANG
GENDER
LANG X GENDER

HG

LG

HG

LG

Pauses/min
N
22

20

18

Table 2 shows a significant main effect of LANGUAGE
and GENDER on pitch level, which was higher in Low
German than in High German (see Figure 2, left
panel). As expected, the pitch level was higher in females than in males, but the difference was only about
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16
HG

LG

Figure 1: Temporal variables of male (filled circles) and female speakers (open circles) in High
(HG) and Low German (LG). Error bars indicate ±1
SE.

Pitch level

Pitch span

92

11.0
10.5

st re 1 Hz

st re 1 Hz

90

88

86

10.0
9.5
9.0
8.5

84
HG

LG

HG

LG

Figure 2: Pitch level and span of male (filled circles) and female speakers (open circles) in High
(HG) and Low German (LG). Error bars indicate ±1
SE.

4. DISCUSSION
The aim of this study was to examine fluency and SFF
in read speech of early bilinguals of High and Low
German with different reading experience in their two
languages.
The study revealed differences in both fluency and
SFF variables. The Low German text was read with a
lower speech rate, a lower phonation/time ratio,
shorter runs, a greater mean pause length, a greater
pause length per minute, and a higher number of
pauses per minute, whereas there was no effect on articulation rate. These findings are in line with reports
on reduced fluency in L2 speech and in the non-dominant language of bilinguals [9, 22]. The fact that differences in the frequency and length of pauses were
found, but not in the speed of articulatory movements,
suggests that the lower speech rate in Low German is
caused by increased cognitive effort in speech planning rather than by a general slowing down of articulatory activity. Lack of experience in reading Low
German appears to be more challenging at higher levels of processing than at lower levels, such as phonemic decoding.
The interaction effects found for speech rate, phonation/time ratio, and pause length per minute indicate that the language effect was modulated by gender. Male speakers reduced their speech rate more
than female speakers and spent more time on speech
planning. Apparently, reading in Low German was a
harder task for males than for females.
The study of SFF revealed that both male and female speakers increased the pitch level in Low German, as was also observed for low-proficient L2
speech and the non-dominant language in bilinguals
[6, 15, 16, 26]. However, there is no evidence that
male speakers have increased their pitch level more
than female speakers, suggesting that pitch did not increase in proportion to the cognitive load imposed on
the speakers. It is more likely that the pitch increase
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in Low German is a non-specific stress response triggered by an unfamiliar task.
Finally, a language effect on pitch span was found,
which is modulated by gender. Whereas male speakers compressed the pitch span in Low German, as expected for non-proficient L2 speakers, female speakers expanded it. Using a within-speaker design we can
exclude anatomical and physiological factors as possible causes. Furthermore, there is no indication that
this difference derives from systematic differences in
the intonation systems of the two languages. A more
likely reason for the compression of pitch span in
male speakers is an increased cognitive effort in the
Low German reading task. Lower literacy skills in
Low German could have had the effect that the male
speakers had fewer resources available for the informational highlighting of parts of the sentences by
more or higher pitch peaks. However, the compressed
pitch span could also result from lower confidence, as
suggested for L2 speech by [24, 33, 34].
It remains unclear why female speakers have a
wider pitch span in Low German rather than a narrower or equal span. Ordin and Mennen [27] bring
sociocultural factors into play as a possible explanation. In a study of early Welsh-English bilinguals,
they observed that the female speakers had a wider
pitch span in Welsh than in English, while no language effect was found in male speakers. According
to [27], this finding may be explained by a greater
willingness of female speakers to conform to societal
expectations linked to the use of the two languages.
In the case of High and Low German bilinguals,
we do not know what these expectations might look
like, especially since there are no monolingual speakers of Low German who could serve as role models.
However, there is a strong emotional bond with Low
German, as this language is mainly used in family and
in communication with friends [25]. Therefore, the
wider pitch span observed in the Low German speech
of female speakers could be the result of greater emotional involvement. In the male speakers, such an effect could have been obscured by the effects of increased cognitive effort.
Overall, the results of our study suggest that lower
literacy skills in a native language can affect fluency
and SFF in a similar way as it was observed in lowproficient L2 speech and in the weaker language of
bilinguals. Further research is needed to get more information about the type of cognitive effort responsible for the observed variation in fluency and SFF. For
this purpose, we plan to extend the present research
by comparing read speech with spontaneous speech
and using tasks of different complexity.
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ABSTRACT
We consider the perception of narrow/contrastive
focus by bilingual speakers in neural terms. Gandour
et al. [1] investigated neural substrates underlying
perception of narrow focus in Mandarin Chinese
(L1)/English (L2) bilinguals. The focus identification
ratio is lower in English (86.2%) than in Chinese
(95.8%), and greater activation for L2 than L1
occurred in the bilateral anterior insula and superior
frontal sulcus. They claim that the activity in the
anterior insula is graded in response to the task
difficulty in L2.
We conducted a perception experiment of narrow
focus of Japanese and English with Japanese
(L1)/English (L2) bilinguals. The focus identification
ratio is lower in Japanese (86.2%) than in English
(98.6%). Our fMRI experiment on 22 subjects shows
greater activation for L2 than L1 occurring in bilateral
superior temporal gyri and left precentral gyrus, along
with longer reaction time in L1. Our experiment
suggests that the acoustic realization of focus differs
among languages, which is revealed in neural
processing. Though much needs to be clarified,
greater neural activity is not due to the task difficulty
in L2 but to the acoustic properties of a language,
contra Gandour et al. [1]
Keywords: narrow/contrastive focus, perception,
L1/L2, neural basis, fMRI
1. INTRODUCTION
Focus is the information in the sentence that is
assumed by the speaker not to be shared with the
hearer (cf. Jackendoff [2]). The literature (cf.
Halliday [3] and many others) classifies focus into
‘broad focus (BF)’ and ‘narrow focus (NF)’. The
former, for instance, can signal the foci the shed,
painted the shed, or the whole sentence in (1),
depending on the context. The latter narrows the
possible range of foci to a particular constituent such
as only the shed.

particular and see whether or not languages vary in
how NF is acoustically realized and processed.
Gandour et al. [1] considered whether the neural
substrates are shared or segregated in multilingualism
and they employed functional MRI to investigate the
neural basis of perception of sentence focus in
Mandarin Chinese (L1) and English (L2). They
recruited 10 late-onset, medium proficiency ChineseEnglish (C/E, henceforth) bilinguals, and used
sentence-pairs with two potential locations of
sentence focus (initial and final) both in Chinese and
English, recorded by a male speaker of Mandarin and
English. In the experiment, subjects were required to
judge whether the focus location was in the initial or
final position by pressing the corresponding mouse
button.
The whole-brain cluster analysis revealed
extensive overlapping activation between Chinese
(L1) and English (L2) stimuli in frontal, parietal and
temporal areas, but C/E bilinguals exhibited
significantly greater bilateral activity in the anterior
insula (aINS) (F1,9 =12.15, p<0.01) and aSFS ROIs
(F1,9 = 18.54, p<0.005) when presented with English
stimuli as compared to Chinese stimuli.
Behaviorally, the NF identification ratio is lower in
English (86.2%) than in Chinese (95.8%), and
Gandour et al. [1] suggest that the activity in the
anterior insula is graded in response to the task
difficulty in L2.
Gandour et al.’s finding and conclusion are
interesting and suggest the difficulty of L2 perception.
What is missing, however, is a consideration of how
NF is realized acoustically. Lee et al. [4] and many
others studied prosodic cues to contrastive focus and
they found that the acoustic realization of contrastive
focus differs across languages. They found that the
focus identification ratio is high in languages with
strong acoustic cues, while the accuracy ratio is low
in languages with weak acoustic cues. In the next
section, we will introduce Lee et al. [4] and our
replicated perception experiment on contrastive focus
in Japanese and English.
2. LINGUISTIC BACKGROUND

(1) John painted the shed yesterday. (Halliday [3])
We will consider NF in this paper; we will restrict
ourselves to contrastive focus (cf. (2), (3)) in
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2.1. Perception Experiment on Narrow Focus

Lee et al. [4] conducted a cross-linguistic perception
experiment of contrastive focus, using ten digit
numbers of the form XXX-XXX-XXXX, where one
number in the series was produced with focus under
a Question-Answer sequence as in (2). Given only the
response portion, participants were asked to identify
which number was focused.

accuracy, since Japanese has weaker focus marking
cues than English (cf. Table1).
2.2.1. Method and Materials

(2) A: Is Mary’s number 215-418-5623?
B: No, the number is 215-417-5623.

The method was the same as the perception
experiment by Lee et al. [4]. We used Japanese tokens
as in (3) and English tokens as in (2) as our materials,
recorded by a male speaker of Tokyo Japanese and a
male speaker of Midwest American English.

They found that focused digits, as compared to
unfocused digits, exhibit greater duration, intensity
and pitch in Mandarin Chinese and American English,
but not in Korean and Tokyo Japanese (cf. Table 1).
This shows that languages can adopt different
strategies when their speakers communicate the
location of contrastive focus with the purely prosodic
means of pitch, intensity and duration.

(3) A: Yamada-san-no
bango-wa
Yamada-Mr/Ms-GEN number-TOP
215-418-5623-desu-ka?
215-418-5623-copula-Q
‘Is Yamada’s number 215-418-5623?’
B: Ie. 215-418-6623-desu.
no
-copula
‘No. (It) is 215-418-6623.’

Table 1: Median z-score values of focused digits
(adapted from Lee et al. [4])

For languages for which Lee et al. [4] found strong
acoustic cues (i.e. American English and Mandarin
Chinese), high accuracy was obtained in the
perception study. However, for languages with
weaker prosodic marking, namely Seoul Korean and
South Kyungsang Korean, low accuracy was obtained
in the perception study. They concluded that the
stronger the prosodic marking is, the higher the focus
identification ratio is.
Lee et al. [4] did not conduct an identification
experiment on Japanese, so we conducted a
perception experiment on Japanese.
2.2. Precursor: Perception Experiment of
Contrastive Focus with J/E Bilinguals

We replicated Lee et al. [4]’s perception experiment
of contrastive focus of Japanese with Japanese (L1)
and English (L2) (J/E, henceforth) late-onset
bilinguals. We also conducted a perception
experiment of contrastive focus of English with J/E
bilinguals, to see the differences or similarities in
perception between Japanese and English. We
predicted that Japanese would be low in identification
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Given only the response portion, participants were
asked to identify which number was focused. They
heard 30 utterances in each language which were
presented in a random order. Since we conducted the
two experiments on separate occasions, we had two
groups of participants: one for the Japanese
experiment (M2, F20, mean age 20.45, SD=0.87) and
the other for the English experiment (M13, F5, mean
age 20.5, SD=1). They reported no auditory
difficulties, and we do not believe different groups of
participants have affected our results. The experiment
was conducted in a quiet room where the audio
stimuli were projected from a room speaker.
2.2.2. Results and Discussion

Table 2 shows the results; the mean contrastive focus
identification ratio was 86.2% in Japanese and 98.6%
in English.
Table 2: Contrastive focus identification ratio in a ten
digit number string in Japanese and English utterances.
Target Word Position (% accuracy)
1

2

3

4

5

6

7

8

9

10 Ave.

Jap.

100

88

91

97

98

92

65

91

82

58 86.20%

Eng.

100 100 100 100 100

98 100

98

96

94 98.60%

Our prediction is borne out; Japanese contrastive
focus is more difficult to identify than English
contrastive focus, even though Japanese is the L1 of
the participants.
Figure 1 shows the feature values by position in the
digit sequences used in our experiment, telling that
the F0 maximum and the Intensity correspond with
the focus position in English, but not in Japanese.

focus. Average trial duration was about 4 sec. and the
response interval was 2 sec.
Before the experiment, participants sat for a
practice session and were instructed about the
distinction between contrastive focus and broad focus,
and how they sound like in Question-Answer
dialogues, as in (2) and (3). They only listened to the
answer part in the experiment and were asked to
identify whether the utterance sounded as contrastive
focus or broad focus. They were given a device with
two buttons and asked to press the left button for
contrastive focus and the right button for broad focus
with their index finger and middle finger of their right
hand, respectively.
We used a 3T MRI scanner and the data was
analysed with SPM12.

Figure 1: Feature values by position in digit sequence

This is, we believe, why J/E bilinguals identify
contrastive focus of English, their L2, more easily
than Japanese, their L1, and it leads us to claim that
the perception of contrastive focus is affected by
acoustic cues, not by the L1/L2 distinction.
Gandour et al. [1] investigated the processing of
sentence focus in Chinese and English, both of which
have strong acoustic cues (cf. Table 1). We interpret
that their finding of the extensive overlapping
activation between Chinese (L1) and English (L2)
stimuli in frontal, parietal and temporal areas as being
possibly driven by similar acoustic cues between the
two languages.
Japanese and English contrastive foci are, on the
other hand, differently cued acoustically, and we
suspect focus processing is not the same between
Japanese and English. We conduct an fMRI
experiment on focus processing of Japanese (L1) and
English (L2) to investigate whether the neural
substrates are shared or segregated between these two
languages.

3.2. Results
3.2.1 Behavioral Results

Table 3 shows the behavioral responses recorded
during the fMRI experiment.
Table 3: Focus identification ratio
English (L2)
Japanese (L1)
Broad Focus
95.19% (SD=0.05) 99.09% (SD=0.01)
Contrastive Focus 90.06% (SD=0.11) 80.02% (SD=0.19)

This result is compatible with our precursor
experiment in Table 2 and shows that the contrastive
focus identification ratio of Japanese (L1) is lower
than that of English (L2). The difference is significant
in a t-test (t(38) = -1.78, p=0.042).
3.2.2 fMRI Results

Table 4 shows the difference between contrastive
focus and broad focus (NF and BF in Table 4,
respectively) and the network of regions which were
significantly involved in English and Japanese.

3. FMRI EXPERIMENT ON FOCUS IN
JAPANESE (L1) AND ENGLISH (L2)
3.1. Method and Materials

22 right-handed J/E bilinguals (M11, F11, mean age
= 26.7, SD =11.1) were recruited. Our participants
were all late-onset J/E bilinguals and the average of
their TOEFL scores was 595 (SD = 55.7).
We used the 10-digit number materials used in our
precursor perception experiment mentioned in
Section 2. We used numbers, not lexical words, in our
experiment, to minimize language-specific accentual
phrasing. 20 Japanese and 20 English materials were
given in a pseudo-randomized order through a
headphone. Half of the materials contained
contrastive focus, and the other half contained broad
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Table 4: Activation peaks provided by the random-effect
group analysis for NF vs. BF (p<0.05, FWE corrected)
Contrast
NF>BF
(English)

Anatomical description
Precentral gyrus
Superior temporal gyrus
Superior temporal gyrus
Precentral gyrus

NF>BF
(Japanese)
NF>BF
Superior temporal gyrus
(English - Japanese)
Superior temporal gyrus
Precentral gyrus

z-score x,
5.26 -52,
5.24 -54,
4.93 58,
4.96 -38,

y,
-4,
-38,
-6,
-22,

z
42
10
-3
60

5.49 -54, -14, 0
5.04 60, -18, 4
5.01 -50, -2, 40

Figure 2 shows the activated regions, revealing that
not much overlapping activation is observed between
Japanese (L1) and English (L2).

Figure 3: Narrow focus identification ratio per position
in our fMRI experiment

Figure 2: Cerebral activity involved in the NF vs BF
contrast in English (left) and Japanese (right)
(random-effect group analyses, p<0.05, FWE corrected)

4. DISCUSSION AND CONCLUSION
Gandour et al. [1] conducted a narrow focus
identification of Experiment on Chinese (L1) and
English (L2), and their behavioral data shows that
narrow focus is more accurately identified in the
speaker’s L1, and reaction times are longer in their L2
(cf. Table 5), contra ours.
Table 5: Identification ratio and reaction time
Gandour et al. [1]
our study
L1 (Chi) L2 (Eng) L1(Jap) L2 (Eng)
Identification ratio (%) 95.8 > 86.2
80.0 < 90.1
Reaction time (ms) 552.4 < 670.7
467.3 > 451.6

With our findings presented in this paper, we provide
an alternative explanation; the behavioral differences
found by Gandour et al.[1] and the present study were
due to differences in the acoustic cues of Chinese,
Japanese and English. Recall Table 1, which shows
that Chinese and English have stronger acoustic cues
than Japanese. It is no surprise that languages with
stronger acoustic cues are easier to perceive.
Japanese is a pitch language with its accent realized
by a falling H*-L bi-tonal contour. It has accented (A,
e.g. roku’ ‘six’) and unaccented (U, e.g. san ‘three’)
words which are lexically determined. Mizuguchi and
Tateishi [5] argue that narrow focus on unaccented
words is more poorly identified than narrow focus on
accented words in Japanese. Due to the accent rules
of Japanese, the 10-digit phone numbers XXX-XXXXXXX of our experiment materials are realized with
the prosodic structure (4).
(4) [[UAA] [UAA] [[UA][UA]]]
Figure 3 shows that the narrow focus identification
ratio in our fMRI experiment varies depending on the
position.
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We suspect lexical restriction on pitch interferes with
the phonetic cues of focus and makes focus
identification difficult in Japanese.
Perrone-Bertolotti et al. [6] examine the cerebral
regions involved in the perception of narrow focus
and broad focus in French. Behaviorally, narrow
focus is identified at a rate of 93.92% and broad focus
is identified at a rate of 98.35%. They found that the
network of regions was significantly more involved
in the narrow focus than in the broad focus condition,
and the processing is a right-hemisphere dominant
dual network.
We share the observation by Perrone-Bertolotti et
al. [6] that broad focus is more accurately identified
(cf. Table 3), but their findings with French are
incompatible with our findings with Japanese; Figure
2 shows that not much neural network is involved to
process contrastive focus in Japanese, and Table 4
reveals that different regions are activated in Japanese
than in French.
We have investigated whether the neural substrates
are shared or segregated among languages in this
paper. Our findings are that, contra Gandour et al. [1],
the perception identification of narrow focus is higher
not in L1 but in L2, and, contra Perrone-Bertolotti et
al. [6], not much neural activation is involved in
narrow focus processing in L1. We suspect the neural
activity reflects the acoustic realization of focus, not
an L1/L2 distinction. We need more cross-linguistic
acoustic and neural research before we get to know
what is truly involved in human prosody processing.
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ABSTRACT
This study is part of a larger project [3] which
investigates the implications of historical contact of
Greek with Italian and Turkish for intonation change
in Greek regional varieties. Here we compare the yesno question tune and the continuation rise tune in
Standard Athenian Modern Greek (Athenian), Asia
Minor Greek (AMG) and Turkish. The speakers of
the latter two varieties cohabited and interacted in the
Anatolian peninsula from the 11th century until 1923,
when 1.5 million Anatolian Greeks were forced to
migrate to Greece under the Convention Concerning
the Exchange of Greek and Turkish Populations.
Today second and third generation descendants of
AMG speakers can still be found in Greece. These
speakers, whose intonation patterns are examined
here, are no longer in contact with Turkish. Our
analyses reveal the influence of Turkish on the
intonation patterns of the question and continuation
rise tunes in AMG.
Keywords: Intonation; language contact; Greek
regional variation; questions; continuation rises.
1. INTRODUCTION
Recent work on bilingualism provides evidence that
the intonation of bilingual speakers contains
characteristics of both languages they speak. For
example, [23] found that terminal rises of bilingual
Turkish-German speakers living in Germany are
realized with two distinct patterns, one similar to
German and the other similar to Turkish. Along the
same lines, [19] showed later peak alignment in the
intonation of contrastive focus as uttered by Cuzco
Spanish speakers in Peru who were in close contact
with Quechua, in comparison to Lima Spanish
speakers who had less contact with Quechua. The
alignment of Cuzco Spanish speakers more closely
resembled more the late Quechua alignment pattern,
in contrast to that of Lima Spanish speakers which
resembled the early Spanish alignment pattern. [9]
describes the intonation patterns of early peak
alignment in Buenos Aires as a result of convergence
between the Spanish and the Italian intonation
systems. [17] reports that peak alignment in the
speech of Dutch non-native speakers of Greek shows
patterns intermediate between the two languages.

1665

The literature supports the idea that ongoing
language contact as experienced by bilingual
speakers results in intonational variation and change,
giving rise to novel patterns which combine elements
from both contextual languages. On the other hand,
while there is ample evidence of the lasting effects of
historical contact on the lexicon, grammar and
segments (e.g., [25]), there is scarce evidence
regarding whether and how long such effects on
intonation persist after contact has ceased.
The study in this paper forms part of a broader
project investigating the effects of historical contact
on intonational variability across regional varieties of
Greek which were in contact with Turkish and Italian
[3]. Here we concentrate on the comparison between
specific intonation patterns in Asia Minor Greek
(AMG; more below) and their counterparts in Turkish
to discover possible influences of the latter on the
former. Standard Modern Greek as spoken in Athens
(henceforth Athenian) is used as control.
Our broader question of how language contact
influences intonation is addressed by investigating
the yes-no (polar) question tune and the continuation
rise tune, as used by second generation heritage AMG
speakers who are no longer in contact with Turkish.
1.1. Background on Athenian, AMG and Turkish

Athenian is the standard used for public
communication, in education and in the media. The
variety of Turkish we describe below is the standard
dialect as spoken in Istanbul and throughout Western
Anatolia as a result of the levelling influence of the
standard used in mass media and the Turkish
education system since the 1930s ([8]).
AMG used to be spoken in the territory of modern
Turkey in a society where Turkish was the dominant
language. Asia Minor Greek and Turkish speakers
cohabited there for centuries until 1923 when under
the Convention Concerning the Exchange of Greek
and Turkish Populations, two million people were
forcibly displaced: 1.5 million Anatolian Greeks to
Greece and half a million Hellenic Turks to Turkey.
This heritage variety survives in villages in
northern Greece. Although AMG is an umbrella term
for a number of varieties from different regions in
Asia Minor ([13]), we refer to it as a single variety, as
far as intonation is concerned. Due to a lack of
previous research on the intonation of these varieties,

impressionistic analysis during the data annotation
phase, the peak position in AMG (Figure 1 bottom) is
frequently similar to that in Turkish.
Figure 1. The polar question tune in the three varieties.
The rectangle indicates the nuclear vowel location,
transribed in bold. Top: Athenian [θa ˈθelate ˈenaŋ kaˈfe]
‘Would you like a coffee?’. Middle: Turkish [biliˈjor
muˈsun] ‘Do you know?’. Bottom: AMG [monaˈʃis
taˈemaθes aˈfta] ‘Did you learn these on your own?’.
450
Pitch (Hz)

we do not hypothesise any difference between them
and allow any differences to emerge from the data.
Currently there are second and third generation
speakers of AMG (children and grandchildren of
refugees expelled to Greece in 1923) who, unlike
their grandparents, no longer have everyday contact
with Turkish. The sociolinguistic characteristics of
these groups are very complex, because the speakers
are bi- or multi-dialectal, using AMG alongside local
varieties of Greek as well as Athenian as part of their
linguistic repertoire ([13, 14, 26].

Athenian polar questions are distinguished from
statements through intonation. There is no
morphological marking or a specific word order
associated with these questions. The polar question
tune in Athenian (Figure 1 top), L* LH- L%, consists
of a nuclear trough followed by a combination of edge
tones forming a rise-fall movement [2, 5].
Turkish polar questions (Figure 1 middle) are
marked with a question particle, /m/ plus a high vowel
which harmonises with the last vowel of the previous
word, and ending with person agreement. The /mV/
particle follows the nuclear word, which ends in a
peak [10, 24]. Simplifying considerably, the Athenian
and Turkish polar question f0 shape can be described
as a peak which occurs after the nucleus in Athenian,
but within the nucleus in Turkish. According to our
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In the Athenian continuation rise tune a L* nuclear
pitch accent typically aligns with the stressed vowel,
followed by an H- phrase accent ([1, 4, 6]; Figure 2
top). In the Turkish continuation rise tune a H*+L
nuclear pitch accent is followed by a H- phrase accent
([10, 12, 16, 20]; Figure 2 middle). The f0 movement
is a simple rise in Athenian but a rise-fall-rise in
Turkish. Impressionistically, the f0 movement in
AMG is frequently similar to the Turkish pattern.
Figure 2. The continuation rise tune in the three
varieties. Top: Athenian [tɾiˈada ˈatoma muˈipane] ‘Thirty
people told me’. Middle: Turkish [maˈsaja oˈturmadan]
‘Before sitting at the table’. Bottom: AMG [eleˈfSeɾose]
‘she liberated’. A rectangle indicates the nuclear vowel
location, transcribed in bold.
350
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2.1. Background on the two tunes
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Unlike most Autosegmental-Metrical studies of
intonation which analyse controlled laboratory
speech, we engaged with natural speech corpora
containing spontaneous and semi-spontaneous
speech. The investigated utterances therefore vary in
length, lexical makeup, syntactic structure and speech
style, which includes conversations, interviews, TV
programs, narratives and map tasks (for details on the
data sources see [22]). The sample in the present
study was produced by 16 speakers (Athenian: 3
female and 4 male, 𝜇 age = 46.2 y; AMG: 5f, 𝜇 age =
69.4 y; Turkish: 2f, 2m, 𝜇 age = 33.7 y). It comprises
1462 tokens: 668 polars (263 Athenian, 80 AMG, 325
Turkish) and 794 continuation rises (443 Athenian,
209 AMG, 142 Turkish). A continuation rise is
defined as a phrase within a declarative utterance
which indicates non-finality and ends in a H accent.
The sound files were transcribed, segmented and
prosodically annotated in Praat [8], according to the
principles of the Autosegmental-Metrical framework
([15, 21]). The location of the stressed vowel in the
nuclear word was annotated and its left boundary was
used to delimit a region of interest on which our
analysis was carried out (see 2.2).
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To test the extent to which the AMG polar
questions and continuation rises resemble their
Athenian and Turkish counterparts we performed a
three-way comparison, based on the quantitative
analysis of the contours described in 2.2.
2.2. Modelling of f0

For each utterance f0 was measured every 10 ms using
ESPS get_f0. 10th-order polynomials f0̂ = Σantn were
fitted to f0 contours using the GNU Octave [18] polyfit
function; pitch errors were inspected and manually
corrected. f0 maxima and minima were calculated
from the roots of the derivative df̂0 /dt.
Across the three language varieties and the two
tunes, the same region of interest was defined for the
subsequent analysis for maximal comparability,
extending from the left boundary of the stressed
vowel in the nuclear word until the utterance end.
The shape of f0 contours in the region of interest
was modelled as a 4th-order orthogonal (Legendre)
polynomial (cf. [11]). The five coefficients of the
resulting 4th-order polynomial which was fitted to the
f0 contours can model their shape characteristics: from
lowest to highest, c0 is the average f0 height of the
contour; c1 is its slope; c2 models the shape as a
parabola, concave up (or down if the sign is negative);
c3 models the shape as an N-like wave with a peak
followed by a trough (or the reverse if the sign is
negative); and c4 models the shape as a more complex
wave with more than one peak and trough. The values
of the coefficients for each of the tunes were used for
statistical comparisons across the three language
varieties using t-tests. In addition, the alignment of
the polar question peak was compared across the
language varieties, expressed as the distance of the
peak from the left boundary of the nuclear vowel.
Our hypotheses, informed by an impressionistic
analysis of the annotated AMG tokens explained in
2.1 are the following. In polar questions we expect
that an influence of Turkish on AMG will be revealed
through the alignment of the peak with the stressed
vowel. If AMG resembles Turkish, the peak, which is
part of the nuclear pitch accent, is expected to occur
within the nuclear vowel, while the peak in Athenian
polar questions, which is part of the edge tones, is
expected later than the nuclear vowel. In continuation
rises, we expect an influence of Turkish on AMG to
be revealed through similarity in the cubic
coefficient, because across the three varieties the
most complex f0 movement involves a rise-fall-rise.
Moreover, we expect the trough in Athenian, the
nuclear accent, to occur near the nuclear vowel but
the trough in AMG and Turkish, which is part of the
edge tones, to occur later than the nuclear vowel.
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3. RESULTS
Overall, the comparisons among the three varieties
revealed similarities between AMG and Turkish both
in f0 shape and in alignment characteristics. The
results on the polar question f0 shape and alignment
parameters are presented in 3.1 and the continuation
rise tune results in 3.2. Only comparisons of interest
will be reported below for reasons of space.
3.1. Polar question tune

Figure 3 indicates that AMG lies between Turkish
and Athenian in the patterns of peak alignment and
slope of the f0 shape. Peak alignment was expressed
as the distance of the peak time (which was calculated
analytically through the f0 modelling) from the end of
the nuclear vowel in centiseconds. The statistical
alignment
comparison
revealed
significant
differences among the three varieties (Ath-AMG,
t(320)=10.50, p<.000; Ath-Tur, t(260)=13.87,
p<.000; AMG-Tur, t(90)=4.78, p<.000). Nonetheless,
a closer look suggests that the AMG alignment
resembles Turkish more than Athenian. In Athenian
the peak occurred on average 650 ms after the end of
the nuclear vowel, displaying large variability (𝜎
=700). In Turkish and in AMG the peak aligned much
closer to the vowel (𝜇 =28 ms, 𝜎 =119; 𝜇 =134 ms, 𝜎
=184, respectively), indicating that the f0 rise which
culminates in the peak occurs within the nuclear
vowel for these two varieties, while for Athenian it
occurs well after the end of the vowel.
Similarly, although the statistical comparison of
the linear coefficient, c1, revealed significant
differences among the three varieties (Ath-AMG,
t(153)=4.65, p<.000; Ath-Tur, t(422)=11.81, p<.000;
AMG-Tur, t(389)=7.97, p<.000;), examination of the
mean c1 coefficient values suggests that AMG
resembles Turkish more than Athenian. The slope in
Athenian is positive in the region of interest (𝜇 =.88,
𝜎 =2.2), indicating a rise from the nuclear low trough
to the final peak, but it is negative in Turkish and
AMG (𝜇 =−3.49, 𝜎 =6.2; 𝜇 =−.28, 𝜎 =1.8;
respectively) indicating a fall from an earlier peak.
Figure 3. The slope of the f0 curve in polar questions
plotted against the distance between the end of the nuclear
vowel and the f0 peak in the three varieties.

3.2. Continuation rise tune

In continuation rises, AMG resembles Turkish
more than Athenian in shape, according to the cubic
coefficient, c3. As shown in Figure 4, the cubic
coefficient was usually negative in Athenian (𝜇
=−.09, 𝜎 =4.38), i.e., the trough of the contour
preceded the peak, (the final rise frequently had a
short curtailed falling f0 movement; cf. Figure 2 top).
In contrast, the cubic coefficient was positive in
Turkish (𝜇 =3.15, 𝜎 =6.84) and in AMG (𝜇 =1.08, 𝜎
=6.09), that is, the peak of the contour preceded the
trough. There were statistically significant
differences in the cubic coefficient across all three
varieties (Ath-AMG, t(313)= −2.51, p=.012; Athp<.000;
AMG-Tur,
Tur,
t(179)= −5.3187,
t(279)= −2.89, p=.004).
Figure 4. The coefficient for the cubic term, c3, for the
continuation rise tune in the three varieties.

The patterns in the alignment of the f0 trough
suggest that continuation rise tunes in AMG resemble
both Athenian and Turkish. Trough alignment
(Figure 5) was expressed as the difference between
the trough time (which was calculated analytically
through the f0 modelling) and the start of the nuclear
vowel in centiseconds and it was significantly
different across the three varieties (Ath-AMG,
t(285)= −7.65, p<.000; Ath-Tur, t(175)= −17.56,
p<.000; AMG-Tur, t(295)= −9.32, p<.000). The
Athenian trough was closely coupled with the nuclear
vowel, on average 1.08 cs after its start (𝜎 =10.9)
while in Turkish it was quite later (𝜇 = 29.44 cs, 𝜎
=18.2). The AMG average (𝜇 =11.22 cs, 𝜎 =17.6), a
value between Athenian and Turkish seems to arise
(according to impressionistic analysis during the
annotation phase) from code switching, as the AMG
speakers used the Athenian and the Turkish
continuation tune in turn. This trend is also suggested
by the histogram in Figure 5 which shows a bimodal
distribution for AMG.
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Figure 5. The distance between the start of the nuclear
vowel (zero point on the x-axis) and the trough in
continuation rises in the three varieties.
ATH

AMG

TUR

4. DISCUSSION
The results confirm the differences in shape and
alignment between Athenian and Turkish in both
continuation rises and polars. In both tunes the
nuclear vowel aligns with a trough in Athenian but
with a peak in Turkish. Although there was variability
in the AMG patterns, in general the results reveal
Turkish influences in both tunes. In polar questions
the peak alignment is mostly like Turkish, i.e., a rise
near the nuclear vowel. In continuation rises the
AMG f0 contour resembles the more complex risefall-rise pattern of Turkish than the simple rise of
Athenian, as suggested by the cubic coefficient
results. The AMG trough was aligned later than in
Athenian but earlier than in Turkish. In general, the
two tunes in AMG had a variable realisation
resembling sometimes the Athenian and sometimes
the Turkish intonation patterns. These results suggest
that the variability in the intonational patterns
observed in AMG can at least in part be accounted for
as a result of language contact.
More generally, these results provide further
support to previous reports ([19, 23]) that contact
between languages from different families (IndoEuropean and non-Indo-European) which have
different grammatical systems in syntax, morphology
and more importantly phonology, can influence the
intonation systems of the contact variety. Specifics of
the intonational phonology and the tune-text
alignment seem to be transferred between languages.
In addition, our findings suggest that these effects last
for a generation after the contact has ceased, showing
that intonation, like other aspects of language, is at
the same time dynamic and resistant to change.
An interesting further question which we are
currently investigating is whether influences of the
donor language weaken with time after the contact
has ceased. A longitudinal study, currently in
progress seeks to discover the retention or loss of
contact effects by comparing the intonation patterns
in archival recordings dating back to the 1920s with
more recent ones (see [22] for details).
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ABSTRACT
English and German speakers differ in how they
realise pitch contours when there is limited time for
voicing. Replicating the pattern found by Grabe [1]
for Southern British English vs. Northern German,
Yu and Zahner [2] recently showed that Australian
English speakers compressed rises and falls in
English, while Southern German speakers
compressed rises but truncated falls in German. In the
present follow up study, we investigate whether
speakers also transfer compensation strategies to their
L2 by examining non-native productions of English
and German contours by speakers in [2]. Results
suggest evidence of both transfer and adjustment:
Southern German speakers compressed rises and
truncated falls in English as they did in German,
while Australian English speakers shifted from
compression to truncation when producing German
falls. We discuss factors that may account for this
asymmetrical behaviour in prosodic transfer and
implications of these findings for language learning.
Keywords: compensation strategies, L2 production
1. INTRODUCTION
When a spoken word contains limited time for
voicing, it can be hard to realise complex intonational
contours. Truncation and compression are two
strategies speakers can use to “compensate” and cope
with this problem. In truncation, the pitch slope
remains unchanged and the f0 movement simply
stops when voiced material runs out. Compression, by
contrast, involves increasing the speed of the
movement to accommodate the full contour within a
shorter time span (see [3, 4] for other strategies).
Speakers of different languages prefer different
strategies [1]. Recently, [2] found a difference for
Australian English and Southern German:
Participants produced surnames with progressively
less voicing (e.g., Sheafer, Sheaf, Shift) in question
versus statement contexts, requiring rising and falling
contours, respectively. English speakers compressed
pitch movements when segmental material decreased
for both rises and falls. German speakers also
compressed rises, but truncated falls.
This paper now reports on the non-native (L2)
productions of English and German contours by
participants in [2] to investigate whether the
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(language-specific) use of compression and
truncation transfers to non-native speech. Research in
this area is relevant as it may provide insights into
determining L2 proficiency or help non-native
speakers find ways to reduce foreign accent and
increase intelligibility (cf. [5] on the interaction
between prosody and segments in the perception of
foreign accented speech).
To date, research on compensation strategies in L2
productions has been scarce. One study by He, et al.
[6] tested Dutch native speakers and Mandarin
Chinese L2 speakers of Dutch (with different
proficiency levels as judged by experts) on their
intonational compensation strategies in rises, falls,
and fall-rises. Mandarin Chinese speakers with higher
Dutch proficiency were found to realise contours
more similarly to native Dutch speakers, i.e., they
compressed both rises and falls, while Chinese
speakers with lower Dutch proficiency did not show
this pattern. For fall-rises, neither subgroup
reproduced the native pattern, which the authors
attribute to the fact that this contour does not exist in
Mandarin. Hence, language proficiency might
modulate the use of compensation strategy, as well as
native language constraints.
There is also evidence that speakers’ phonetic
implementation of pitch accent types in their L1
transfers to L2 speech. Atterer and Ladd [7], for
instance, found that German speakers aligned
prenuclear accentual rises significantly later than
English speakers and these native alignment patterns
transferred to productions in English; see also [8].
Against this background, we derive the following
predictions: If the use of compression and truncation
similarly transfers, then speakers should prefer the
same strategies in native and non-native productions.
Specifically, for Australian English speakers
producing L2 German, we should find evidence of
compression in both rises and falls to reflect the
strategies found in their native English productions.
Similarly, for Southern Germans, we should observe
compression in their English rises and truncation in
falls. If, as suggested by [6], higher language
proficiency may foster more native-like productions,
then we may observe the same patterns as in the target
language (note that we explicitly address proficient
speakers in L2, i.e., self-reported level above B2).

2. METHOD
2.1. Participants

Twelve native Australian English speakers of
German (5 females, Mage = 33.86 years, SD = 11.65
years) and twelve native German speakers of English
(9 females, Mage = 25.45 years, SD = 3.98 years)
participated for a small payment. Native English
speakers were recruited in Sydney and native German
speakers were recruited in Tübingen (n = 4) and
Konstanz (n = 8). On average, English speakers’ selfrated L2 proficiency (1-7 scale) was 4.83 (SD = 1.24),
German speakers’ self-rated L2 proficiency was 5.27
(SD = 0.84). A non-parametric Wilcoxon test showed
that this difference was not significant (W = 48, p =
0.17).
2.2. Stimuli
Table 1 shows the test items: 12 equivalent surnames
for English and German which formed four sets of
three name types. For each name type, there were
three conditions, long (disyllabic), mid (monosyllabic
with a long vowel), and short (monosyllabic with a
short vowel).
Table 1: Test items in English and German
(italicized).
Continuum
sh
s
g
k

Step 3:
Long
Sheafer
Schiefer
Seefer
Siefer
Geesser
Gieser
Keesser
Kieser

Step 2:
Mid
Sheaf
Schief
Seef
Sief
Geese
Gies
Keese
Kies

Step 1:
Short
Shift
Schiff
Siff
Siff
Giss
Giss
Kiss
Kiss

Test items occurred in syntactically similar carrier
phrases in two lists, in a polar question, designed to
elicit a nuclear rising contour on the test word, and in
a declarative statement for a nuclear falling contour
(see (1) and (2)). The test item, in phrase-final
position, was followed by a polysyllabic appositional
phrase, which is expected to be realised with the same
contour as the test item. This served as a control to
determine the underlying intonational specification of
a test word in case of truncation. Each carrier also had
a short preceding introductory paragraph to provide
context (e.g., Anna and Peter are watching TV. A
photograph of this week’s National Lottery winner
appears. Anna says: ‘‘Look, Peter!’’). A further 28
filler stimuli were created for each language: 14
declaratives and 14 polar questions with surnames in
various positions.
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(1) Carrier phrases for falls (test items are bolded):
English: It’s Mr. Sheafer! Our new neighbour!
German: Das ist Herr Schiefer! Unser neuer
Nachbar!
(2) Carrier phrases for rises:
English: Isn’t that Mr. Sheafer? Our new
neighbour?
German: Ist das nicht Herr Schiefer? Unser neuer
Nachbar?
2.3. Procedure
Subjects were recorded individually in a soundattenuated booth (both languages were tested in one
session, L1 (see [2]) and L2, but only L2 is reported
here). The experiment was controlled using
Presentation software [9]. To reduce confusion,
subjects completed all items in one language before
recording items in the other. Between languages,
participants read a passage to adjust to speaking in the
other language. Items were blocked by contour for
each language, such that subjects produced all
statements or questions before producing the other
type. Language and contour order were counterbalanced and randomly assigned to subjects.
Each trial started with the presentation of an
introductory paragraph on screen which subjects were
instructed to read silently for context. Subjects then
read the corresponding carrier phrase out loud. To
prevent subjects from ignoring contextual
information, the carrier phrase only appeared
underneath the introductory paragraph after three
seconds. In addition, participants were asked to speak
naturally and not exaggerate their speech. After
producing the sentence, participants pressed a button
to progress onto the next item.
Each block began with three practice trials to
familiarise the subject with producing items and for
the experimenter to provide feedback e.g., if subjects
exaggerated or spoke unclearly. 26 test trials (12
critical trials, 14 filler trials) followed in an
individually randomized order for each of the four
blocks (104 test trials in total).
3. ACOUSTIC ANALYSIS AND DATA
TREATMENT
34 L2 English and 51 L2 German productions
were excluded due to errors in pronunciation, missing
data, or wrong contour (a fall produced in a statement
context or a rise in a question context). The final set
consisted of 491 productions (254 L2 English, 237 L2
German).
Word and segment boundaries were annotated
following standard segmentation criteria (see [10]).
F0 minima and f0 maxima were annotated for each

nuclear contour (fall or rise). In monosyllabic words,
both min and max occurred in the vowel of the test
word, in disyllabic words in different vowels.
Figure 1: Spectrogram and f0 contour with annotation:
German “Siff” (step 1), fall, produced by an English
speaker. Tier 1 shows the words in German, Tier 2,
segments of target word Siff, Tier 3 the f0 min and f0
max of the accentual movement.

RoCh (st/ms) for L2 falls and rises and Figure 3
illustrates the average f0 excursion (st). The data
show that RoCh increases for L2 rises in both
languages. L2 English and German falls, however, do
not show a step-wise increase (see Figure 2). In
Figure 3, there appears to be a general decrease in f0
excursion from “long” to “short” in the L2 falls of
both languages while in comparison, f0 excursion in
L2 rises appears more stable across steps.
Figure 2. Rate of Change (RoCh) in st/ms for falls
(left) and rises (right), split by language (non-native).

To analyse effects of voicing duration on f0
movement, “rate of f0 change” (RoCh) was
calculated by dividing f0 excursion (f0 maximum
minus f0 minimum in semitones, st) of a fall or rise
by movement duration. We used semitones instead of
Hz to account for gender differences in the data.
Comparing across the three continuum steps (from
longest to shortest), a RoCh increase is termed
compression, and a stable rate of change, truncation.
The f0 excursion (in st) was also examined to see
whether RoCh modifications go together with a
reduction of the f0 range of the accentual movement.
Linear mixed effects regression models in R [11]
were fit for the dependent variables (RoCh, f0
excursion). In each model, language (English vs.
German, spoken by L2 speakers), contour (falling vs.
rising), and step (1, 2, 3) were modelled as fixed
factors and subject and word type (sh-, s-, g-, and kcontinuum depending on the language) as crossed
random factors [cf. 12, 13]. Random slopes for the
fixed factors were added and retained if the model fit
improved [14, 15] (LogLikelihood). Planned group
comparisons were conducted using the emmeans
function [16], with Tukey-adjusted p-values.
4. RESULTS AND DISCUSSION
Duration analysis. F0 duration (absolute time
difference between f0 min and f0 max) was analysed
to check whether the duration manipulation provided
successively less sonorant material between steps.
For both L2 English and L2 German, the duration of
voiced material decreased significantly with each step
from long to short, for both falls and rises (individual
comparisons, all p<.0001), indicating the duration
manipulation was successful.
F0 analyses. An increased RoCh and stable f0
excursion on shorter words is interpreted as
compression, while a stable RoCh and smaller f0
excursions are evidence of truncation. Figure 2 shows
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Figure 3. Average f0 excursion in st for falls (left) and
rises (right), split by language (non-native).

The statistical analysis showed that, for RoCh,
there was no interaction between contour and
language (p =.11), suggesting that rising and falling
contours were not realised differently between
languages. German and English were therefore
pooled. Rises and falls, however, were analysed
separately as there was an interaction between
contour and step (p<.0001). For L2 rises, there was
a main effect of step, reflecting the increase in RoCh
from the longest to the shortest word, i.e.,
compression. RoCh differed between all individual
steps (all p<.01). For L2 falls, there was also an effect
of step (p<.001). This was mainly driven by the
difference between step 2 and step 3 (p<.001, see
Figure 2), which suggests compression between these
steps. However, there was no difference between step
1 and 2 (p=.20) and, importantly, no difference
between the shortest and the longest word, i.e., step 1
and 3 (p=.09), indicating a trend for truncation
overall.

For f0 excursion, there was a three-way
interaction between step, language, and contour
(p=.012). For rises, step affected f0 excursion
differently in L2 German and English (p=.042): For
L2 German rises, the differences between step 1 vs.
2 and step 2 vs. 3 were not significant (p>0.28), but
the f0 excursion was smaller in step 1 than in step 3
(p=.027), indicating that compression was
accompanied by some reduction of f0 range. For L2
English rises, however, there was no effect of step
(all individual comparisons p>.26), corroborating
compression. For falls, there was no interaction
between language and step (p=.88), indicating that
step did not affect f0 excursion differently in L2
German and English. Subsequently, the interaction
term was removed from the model. Importantly, there
was a main effect of step (p<.001): F0 excursion
significantly decreased for each step of the continuum
(all ps<0.001). These results further support the use
of truncation in L2 English and German falls as
indicated from the RoCh analyses.
Analyses found trends for English and German
speakers compressing rises and truncating falls.
However, results between individual steps were less
conclusive, especially for L2 falls. More precisely,
RoCh analysis for L2 falls did not point conclusively
to either compression or truncation. We therefore
conducted a post-hoc combined analysis of RoCh
and f0 excursion for L2 falls (where we multiplied
the two measures and used the product as the
dependent variable) to confirm that step did not affect
the combined measure differently in L2 German and
English (p>.85), i.e., speakers used the same strategy.
To further corroborate the difference in strategy in
English speakers when speaking English and
German, respectively, we pooled L1 English falls
from [2] and L2 German falls (spoken by the same
English speakers, present data). Results revealed an
interaction between language and contour (p=.05),
supporting the claim that English speakers use
different compensation strategies for L1 and L2 falls.
Therefore, results indicate both English and
German speakers compress rises and truncate falls in
their non-native productions. For German speakers,
this pattern of results reflects the strategies found in
their native productions (see [2]), suggesting that
German speakers transferred their preferred strategy
from L1 to L2. English speakers also showed transfer
in rises, compressing pitch movements when
producing both English and German. However,
English speakers tended to truncate falls in German.
This is unlike their preference for compression in
their L1 (see [2]), and instead resembles the
behaviour of native German speakers. Therefore,
results suggest evidence of both transfer and
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adjustment of compensation strategies from native to
non-native productions.
This presents an unexpected asymmetric pattern of
behaviour between English and German speakers. In
[6], speakers with higher L2 proficiency produced
realisations more similarly to native speakers. Yet, in
our study, we specifically tested proficient L2
speakers. In addition, self-assessed L2 proficiency
ratings were not significantly different between
German and English groups. Therefore, if anything,
both groups should have been expected to adjust their
compensation strategies. Articulatory reasons could
also explain the asymmetric prosodic transfer.
Physiologically, compression requires more effort
than truncation as speakers need to increase pitch rate
to accommodate the contour. In rising movements,
articulatory effort is high in all cases by an increase
in laryngeal tension [16] (to counteract declination
processes [17]). Therefore, compression may be less
effortful in rises (where effort is high anyway), but
more difficult to achieve in falls (where an additional
effort needs to be made). This could explain a
preference for non-native speakers to truncate falls.
5. CONCLUSION
Overall findings suggested English and German
speakers compressed rises and truncated falls in their
L2, providing evidence that compensation strategies
can be both transferred or adjusted from native to
non-native productions. Hence, our results paint a
complex relationship between transfer and L2
prosody. Clearly, more research is needed to
understand the underlying factors underlying the use
of compensation strategies in L2. Further
investigation will explore patterns between steps
(including e.g., durational points and number of
syllables),
other
measures
for
capturing
compensation strategies, and speaker-specific
productions to address individual differences. Future
studies should also include other language
combinations, particularly involving pairings with an
asymmetric behaviour in the L1. Continued research
may eventually help non-native speakers use
compensation strategies more appropriately to reduce
foreign-accentedness.
6. AKNOWLEDGEMENTS
We thank Bettina Braun and Anne Cutler for their
feedback and guidance. This work was funded by the
ARC Centre of Excellence for the Dynamics of
Language (project ID: CE140100041) and an
Australia-Germany Joint Research Cooperation
Scheme award to A. Weber (for SpeechNet BaWü)
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ABSTRACT
Previous research has investigated voice quality in
London English using acoustic measurements such as
harmonic structure (H1-H2) and fundamental
frequency (f0) in Praat [1], and found significant
interactions with regard to voice quality and pitch
across two ethnic groups [11]. However, Praat’s pitch
tracker has been shown to be less than optimal when
dealing with low fundamental frequencies.
In this study we re-analyse the speech of the same
42 participants from [11] using REAPER: Robust
Epoch And Pitch EstimatoR [12]. The REAPER
speech processing system defines the local f0 as the
inverse of the time between successive glottal closure
instants, and has been demonstrated to return
effective f0 measurements at low pitch ranges [4,6].
Our results differ somewhat from previously reported
values by [11] and we suggest that this is due to
REAPER’s more accurate f0 measurements within
the creaky voice range [6].

MLE speakers are typically adolescents of
different ethnic immigrant backgrounds referred to as
non-Anglos with a short residence history in the area,
but also Anglo adolescents with a long residence
history in the area who are part of ethnically diverse
friendship networks. The variety includes some
traditional London phonological features, some
phonological features that have been documented in
young people’s speech in south-east England in
general, and some phonological features that are
found in varieties of English outside of the United
Kingdom. In addition, phonological innovation has
been documented: there is complete H-reinstatement
(/h/ in word-initial position in lexical words is
pronounced), backing of /k/ in front of non-high
vowels and extreme GOOSE fronting [2,7]. The use
of near-monophthongal diphthongs in FACE and
GOAT [10] is part of the impression of a syllabletimed speech rhythm [13] where the stressed vowels
become shorter and schwa becomes longer, and in
turn successive vowels have a more equal duration.

Keywords: creaky voice, REAPER, Multicultural
London English, fundamental frequency

Figure 1: Mean f0 and H1-H2 values by gender and
ethnicity as reported in [11].

1. INTRODUCTION
This study investigates voice quality in
Multicultural London English (MLE) [3] by reanalysing previously recorded speech by 42 speakers
in London [11]. The data consists of a total of 46
minutes of continuous speech extracted from
sociolinguistic interviews. Unlike the previous study
that used Praat [1] to analyse fundamental frequency,
we make use of a new tool called REAPER: Robust
Epoch And Pitch EstimatoR [12].
MLE is spoken in multicultural inner-city areas of
London that have a high immigrant population. The
Linguistic Innovators: the English of adolescents in
London research project [9] investigated the speech
of adolescents of different ethnic backgrounds in
Hackney, the traditional East End of inner London
and Anglo speakers in Havering in the outskirts of
London. It was hypothesised that any innovation first
would be observed in inner London in line with [14]’s
claim that London is the origin of phonological
innovation in English.
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Other suprasegmental features, such as mean
fundamental frequency and voice quality have also
been shown to differ between MLE and other London
varieties. [11] investigated voice quality in London
speech, using the H1-H2 spectral tilt measure. This
measure calculates the difference between the
amplitude of the first harmonic and the amplitude of
the second harmonic in the speech signal, where large
positive values indicate more breathy phonation, and
lower negative values indicate a more creaky voice
quality. [11] showed that inner-city Hackney male

speakers (both Anglo and non-Anglo), were
significantly more breathy / less creaky than the male
Anglo speakers in Havering. Havering speakers
showed the creakiest voice quality, yet the highest
mean pitch overall. Amongst the female speakers, the
Hackney Anglo group had the lowest mean pitch, and
also the creakiest voice quality overall. Havering
females showed the highest mean pitch, as well as the
most breathy voice quality. These results are
reproduced as Figure 1 in this paper.
However, accurate H1-H2 measures rely on an
accurate pitch tracker. Praat’s pitch tracker has been
shown to struggle with very low f0 values, and
oftentimes it is unable to track the fundamental
frequency [6].
2. METHODOLOGY
2.1. Participants

For our investigation, the sample of adolescent
speakers from Hackney includes 28 speakers, of
which 9 have an ‘Anglo’ background with relatively
local family roots, and 19 ‘non-Anglo’ speakers who
are the children or grandchildren of immigrants.
Havering is predominantly Anglo, with a low
immigrant population. We include 14 speakers from
Havering, 7 males and 7 females, who all have a white
British background.
2.2. Analysis

For our analysis, instead of Praat we rely on
REAPER: Robust Epoch And Pitch EstimatoR [12]
using MacReaper [5]. The REAPER speech
processing system defines the local f0 as the inverse
of the time between successive glottal closure
instants, and has been demonstrated to return
effective f0 measurements at pitch ranges as low as
20 Hz [4,6]. REAPER is able to successfully track
pitch even when Praat cannot find the fundamental
frequency in the speech signal [6].
Figure 2: Pitch tracking by REAPER vs Praat.
Praat’s pitch tracker misses most of the creaky
vowel but REAPER is able to detect the f0. Image
by [4].

After running all 42 speakers’ speech samples
through REAPER, we obtained a total of 393,005
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observations of f0. Rather than calculating H1-H2
values in this paper we take low f0 values as
indicators of creaky voice [8].
Consequently, for each of our speaker groups we
analyse the distribution of all f0 values obtained by
REAPER, and plot it on a density plot. Most of the
time this results in a bimodal distribution, such that
the peak with the higher fundamental frequency
corresponds to the mode of the modal voice
phonation, while the other peak at lower fundamental
frequency values corresponds to the mode of the
creaky voice phonation. In between these two peaks
we find the antimode, which is the f0 value that
represents the division between the creaky voice and
modal voice distributions.
We also calculate the percent of creak as the time
spent creaking over the total time spent phonating. In
addition, for each speaker group we report the mean
f0 for the modal voice phonation alone, as well as the
overall mean f0, which we compare with previously
published results obtained by Praat.
3. RESULTS
3.1 Female Speakers

We first present results for our female speakers. In the
inner London Hackney area the multicultural nonAnglo group has an overall mean f0 of 175 Hz. The
antimode between the creaky and modal phonation
distributions is at 141 Hz. The mean f0 for the modal
voice phonation is 220 Hz. These speakers on average
spent 10.9% of the time producing creaky phonation.
These results are presented in Figure 3 (top panel).
The Anglo females living in Hackney only
produced 5.32% creak on average. Their overall mean
pitch was 179 Hz, comparable to the non-Anglo
counterparts, while the modal voice mean 201 Hz.
The antimode between the two peaks was at 119 Hz,
which is lower than the non-Anglo group’s antimode.
These results are plotted in Figure 3 (middle panel).
As seen, the two Hackney female groups do not
exhibit vastly different patterns. However, the
Havering Anglo group shows a strikingly different
pattern which can be easily seen by visually
investigating the f0 distribution in Figure 3 (bottom
panel). These female Anglo speakers living in the
outskirts of London produce creaky phonation 41.9%
of the time. Their average antimode is at 139 Hz. The
overall mean fundamental frequency is 179 Hz, while
the mean f0 for the modal voice phonation is 221 Hz.
In a previous study [11] found that the Hackney
Anglo group had the lowest mean pitch, and also the
creakiest voice quality overall. Havering females
showed the highest mean pitch, as well as the least
creaky voice quality. Our results using REAPER

rather than Praat reveal a different pattern. We find
that the Havering Anglo females creak over 40% of
the time, and most of the time at very low
fundamental frequency values. Praat is known to have
difficulties tracking these low f0 values, and we argue
that REAPER presents a more truthful picture of the
story due to the fact that the low f0 values were not
picked up by Praat in the previous study. This skewed
the results and suggested that Havering females had
the highest mean f0, as well as the least creaky
phonation. However, as REAPER indicates Havering
Anglo speakers are in fact creakier overall than both
Hackney female groups, and in fact creakier than the
three male groups.
3.2 Male Speakers

The inner London multicultural non-Anglo male
group from Hackney exhibited creaky phonation
14.9% of the time. Their average f0 antimode is at 79
Hz. The overall mean f0 is 110 Hz, while looking at
the modal voice phonation alone the mean f0 is 128
Hz (see Figure 4 top panel).
The Anglo males living in Hackney show a lower
overall mean pitch at 106 Hz, while the modal voice
mean is at 124 Hz. Their average f0 antimode is at a
low 63 Hz. However, these Hackney Anglo males
spend less than half the time creaking compared to
their non-Anglo counterparts, with 6.75% creak
(Figure 4 middle panel).
The Havering male speakers living in the outskirts
of London show the most creak among the three male
groups, at 18.6% creak. Their mean f0 for the modal
voice phonation alone is a high 136 Hz, which is
pulled down by the relatively high percentage of
creaky phonation to a mean overall f0 of 112 Hz. This
group’s mean f0 antimode is at 69.2 Hz (Figure 4
bottom panel).
We see that for both female and male speakers the
Anglo groups in the outskirts of London show the
highest percentage of creak (females = 41.9%, males
= 18.6%). This seems to indicate that creaky voice is
not – after all, and contra to [11] – an innovative
feature of inner city Multicultural London English,
rather a characteristic of Anglo speech in the outskirts
of London.
4. SUMMARY
In this paper we demonstrated that by opting to use
new innovative tools such as REAPER: Robust
Epoch And Pitch EstimatoR [12] to track
fundamental frequency we are able to obtain a more
accurate sociophonetic picture of the actual usage of
creaky voice in London English.
We advocate the use of REAPER instead of Praat
for research studies whose main research question
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involves the measurement and analysis of low
fundamental frequency values, and particularly for
studies investigating creaky voice quality.
Figure 3: Density plots showing the distribution of
f0 values for the female groups. The plots indicate
the antimode (dashed black line; the division
between the creaky and modal voice distributions),
the overall mean f0 (solid grey line), and the mean
value for the modal voice distribution (dashed grey
line).
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ABSTRACT

Mandarin and Cantonese speakers paid more
attention to the height dimension than speakers of the
other three languages, while Mandarin and Cantonese
speakers focused more on the direction dimension
than English speakers. According to Ladd [10, 11],
non-tone language speakers might process tones as
intonation in their L1 because of the mismatch
between their native intonational language and L2
tone categories. Therefore, the source of difficulty in
learning Mandarin tones by non-tone language
speakers has been attributed to the interference from
their native language’s suprasegmental features [17,
1, 9, 3].
Proficiency of Mandarin also matters to the
perception of Mandarin tones by non-native speakers.
For example, Yang [20] examined the perception of
Mandarin tones and intonation by American learners
at different proficiency levels, compared to native
controls. It was found that both native controls and
advanced learners performed much better than the
first- and second year learners in tone identification.
Hao [7] investigated the discrimination of Mandarin
vowels and tones by native English speakers with
different Mandarin proficiency levels via an AXB
discrimination task. It was found that non-tone
language speakers without any Mandarin training
were less sensitive to tonal distinction than to vowels,
whereas the learner groups were highly accurate in
perceiving all contrasts except for the T2-T3 pair.
However, Mandarin also uses pitch to express
emotion; the pitch characteristics of tones under
certain changes in emotional speech, compared to
neutrality [12]. Cross-linguistically, anger and
happiness are characterized by longer duration,
higher pitch accompanied by wider ranges, whereas
sadness is characterized by a decrease in mean pitch,
a slightly narrow pitch range, and a slower speaking
rate, compared to neutral speech [19]. According to
[2], Mandarin uses the successive additional tone
(right panel, and T4 in the left panel, Figure 1) as well
as modification to the pitch offset of the tone (T1, T2,
T3 in the left panel, Figure 1) to realize the emotion.

Past work on tonal perception in L2 Mandarin has
focused on the citation forms of the tones produced in
neutral emotion. However, an additional tone can be
added to the citation tone or the citation tone can end
at higher pitch level to express emotion in Mandarin.
The current study examined tonal perception in
different emotions (i.e., neutral, happy, angry, sad)
and tonal contexts in Mandarin by Dutch learners of
Mandarin, compared to native controls. It was found
that both the L2 learners and native controls were
significantly less accurate in the anger condition,
compared to the neutral condition. Furthermore,
although the intermediate-advanced learners
performed better than the beginners, neither learner
group differed significantly from the native controls.
These results suggest that the L2 learners have
acquired the phonological forms of the tones and their
tonal perception was only affected when the surface
forms underwent substantial changes in emotional
speech.
Keywords: Mandarin, Dutch,
emotional intonation, perception

lexical

tones,

1. INTRODUCTION
As a tone language, Mandarin uses pitch to convey
lexical meanings. For example, the same syllable ma
has different meanings when it is pronounced in
different tones, namely ma1 (mother), ma2 (hemp),
ma3 (horse), ma4 (scold). T1 is a high tone, T2 is a
rising tone, T3 is a falling-rising tone, T4 is a falling
tone. In contrast, pitch variation in non-tone
languages like English and Dutch does not
differentiate lexical meanings, but functions at
sentence and discourse levels.
Previous studies have examined tonal perception
typically in isolated syllables in Mandarin by both
tone and non-tone language speakers [13, 6, 18]. It
has been suggested that pitch height and direction of
pitch movement are the main parameters to
characterize Mandarin tones. But non-tone language
speakers process pitch information in Mandarin tones
differently than native speakers of Mandarin. For
example, Gandour [5] compared the perception of
Mandarin tones by speakers of English, Thai,
Taiwanese, Cantonese and Mandarin, and found that

Figure 1: The successive additional tones in Mandarin [2]

1
1679

Recently, Li et al. [12] investigated the expression
of seven emotions (neutrality, sadness, happiness,
fear, surprise, anger, disgust) in Mandarin by
analysing monosyllabic utterances produced by a
male speaker. They found that disgust and anger were
expressed via an additional falling tone, while
happiness and surprise were expressed via an
additional rising tone. Furthermore, happiness and
surprise were characterized by a higher pitch range
and pitch register (mean pitch), compared to sadness
and disgust. Surprise was realized with a slightly
narrower range than happiness.
The co-existence of both tone and emotional
intonation in Mandarin raises the question as to
whether changes in tones in emotional speech affect
the perception of lexical tones by learners of
Mandarin from a non-tone language background. To
address this question, we have investigated tonal
perception in emotional speech by Dutch learners of
Mandarin, compared to tonal perception in neutral
speech. Four commonly used emotions were chosen,
i.e., neutrality, happiness, anger, sadness.
Considering that emotions change the surface forms
of the tones to various degrees in Mandarin, we
predicted that L2 Mandarin learners may be the least
accurate in ANGER, compared to NEUTRALITY,
similar to native controls. We also expected that
intermediate-advanced L2 Mandarin learners would
be more accurate in tonal perception in different
emotions than beginning L2 Mandarin learners but
both would be less accurate than native controls.

grouped as intermediate-advanced learners. In
addition, 12 native speakers of Mandarin (mean age:
28 years) participated in the experiment as the
controls. They were graduate students from
University and did not major in Linguistics. None of
the participants reported having speaking, reading or
hearing defects.
2.2. Experimental materials

The stimuli were composed of 256 short sentences,
containing 64 tokens of each of the four target words
(i.e., mong, ging, ra, bü). To minimize lexical
familiarity effects in tonal perception, we used
pseudo words as target words. The target words were
pronounced in each of the four tones and embedded
in four carrier sentences, adopted from the carrier
sentences used in [4], as shown in example (1). The
carrier sentences were semantically neutral and thus
could not provide any semantic cues to the tonal
perception. Considering tonal coarticulation, we
varied the tone preceding the target word in the carrier
sentences such that each target word was preceded by
each of the four tones, namely T1 (chu1), T2 (du2),
T3 (xie3), T4 (lian4). Because tones at the initial
position have the highest pitch level, and tones at the
final position have “sentence-final tone lowering
effects” [15], we placed the target word in sentence
medial position.
All stimuli were recorded at a sampling frequency
of 44.1 kHz with 16 bits resolution by a female native
speaker of Mandarin with training in acting at the
Linguistics Laboratory at University. The stimuli
were subsequently checked by another native
Mandarin speaker in a perception test. The listener
reached 100% accuracy in perceived emotion,
suggesting that the stimuli were produced in the
intended emotions.

2. METHOD
A tonal perception experiment was carried out,
following the ethical guidelines of the institution.
2.1. Participants

Twenty-four adult Dutch learners of Mandarin (12
males, 12 females, age: M = 25.5 years, SD = 5.3)
participated in the experiment. Eight of them were
from the Chinese Education Center in the Netherlands,
and the others were students of Chinese Studies at
Leiden University. The learners started to learn
Mandarin Chinese at the age of 18 in the Netherlands.
None of them spoke a tonal dialect of Dutch (e.g., the
Limgurgian dialect) or had studied tone languages
other than Mandarin prior to this study. The
participants were divided into two groups of twelve
participants (beginners and intermediate-advanced
learners) on the basis of their HSK score. HSK is a
standardised Chinese proficiency test, standing for
Han Yu Shui Ping Kao Shi. The participants who
passed HSK level 1 & 2 were grouped as beginners;
the participants who passed level 3 or higher were

(1) a.

指出__这个字。

Pinyin (with tone) zhi3 chu1 __ zhe4 ge4 zi4.
English translation Please point the word __ out.
b.

我会读__这个字。

Pinyin (with tone) wo3 hui4 du2__zhe4 ge4 zi4.
English translation I can read the word __.
c.

我会写__这个字。

Pinyin (with tone) wo3 hui4 xie3__zhe4 ge4 zi4.
English translation I can write the word __.
d.

我想练__这个字。

Pinyin (with tone) wo3 xiang3 lian4__zhe4 ge4 zi4.
English translation I can practice the word __.
2

1680

In order to keep the experiment within a feasible
length and minimize boredom during the experiment,
we divided the 256 stimuli into four lists according to
a Latin square design. Each list contained 64 stimuli,
including 16 representations of each target word in
each tone in each emotion. Each list contains four
different emotions, four target words, four tonal
contexts, and four different lexical tones. Each
stimulus list was presented in a randomized order in
ZEP [16] according to the following constraints: the
same tone/ carrier sentence/ syllable/ emotion should
not appear more than two times in a row.

3. STATISTICAL ANALYSIS AND RESULTS
The participants’ responses were coded as either
“correct” or “incorrect” for each trial depending on
whether the selected tone was the intended one. A
mixed-effect binary logistic regression in SPSS was
used to assess the effects of the predictors on the
perception of tone. The predictors included the main
effects of four factors, i.e., EMOTION (neutrality,
happiness, anger, sadness), TONAL CONTEXT (T1,
T2, T3, T4), TONE of the target word (T1, T2, T3, T4),
and PROFICIENCY (1-beginners, 2-intermediateadvanced; 3-native) and four two-way interactions
(i.e., EMOTION x PROFICIENCY, TONAL CONTEXT
x PROFICIENCY, TONE x PROFICIENCY, and
EMOTION x TONE). Participants and words were
included as random factors. The outcome variable
was the perception of tone (i.e., correct vs. incorrect).
Our modelling yielded three significant main effects,
(i.e., EMOTION, TONE and PROFICIENCY), and three
significant interactions, (i.e., EMOTION x TONE,
TONE x PROFICIENCY, and TONAL CONTEXT x
PROFICIENCY). The summary of the statistically
significant results can be seen in Table 1.
Regarding the main effect of emotion with
NEUTRALITY as the reference category, in general
the participants were less accurate in tonal perception
in the three non-neutral emotions, compared to the
neutral condition (happiness: coefficient = -0.062,
sadness: coefficient = -1.130, anger: coefficient = 1.815). However, only the difference between
ANGER and NEUTRALITY reached statistical
significance (coefficient = -1.815, SE = 0.558, t = 3.254, p < .05). Regarding the main effect of TONE
of the target word with T1 as the reference category,
the coefficients suggested that the participants
performed less well in T2 (coefficient = -1.947, SE =
0.628, t = -3.100, p < .01), T3 (coefficient = -1.243,
SE = 0.633, t = -1.965, p < .05), T4 (coefficient = 2.038, SE = 0.635, t = - 3.208, p < .01), compared to
T1. The participants did worst in T4. However, the
interaction of EMOTION x TONE revealed that the
participants were more accurate in the perception of
T4 than the perception of T1 in ANGER, suggesting
that tonal perception can differ between tones in the
same non-neutral emotion.
With respect to the main effect of proficiency
with PROFICIENCY 3 as the reference category, the
participants from PROFICIENCY 1 (beginners) and
PROFICIENCY 2 (intermediate-advanced) did not
differ from the native controls from PROFICIENCY 3.
This is the case across tones and tonal contexts.
However, when we ran the analysis again with
PROFICIENCY 1 as the reference category, we found
that the participants from PROFICIENCY 2
(coefficient = 2.670, SE = 0.996, t = 2.681, p < .01)

2.3. Procedure

The participants were semi-randomly assigned to a
stimulus list so that there was an approximately equal
number of participants tested using each list. The
participants were tested individually in a quiet place
in their university. Before the experiment, each
participant was presented with written instructions in
their native language (Dutch or Chinese), in which the
task and procedure of the experiment were explained.
The experiment was administered using the
software ZEP [16]. Each trial started with the
presentation of a fixation cross (“+”) on the computer
screen, which lasted for 1000 ms. Then the fixation
cross disappeared and the stimulus sentence in
Chinese characters and Pinxin, its Dutch translation
appeared on the screen, which lasted for 2400 ms.
Then a sound icon ( ) popped out below the target
word (i.e., mong) and stayed on the screen for 400 ms.
After that the sound of the stimulus sentence was
played to participants via headphones. At the end of
the sound file, the target word, the image of the button
box, and the four response boxes appeared on the
screen (Figure 2), representing the four lexical tones.
The appearance of the response boxes acted as a
signal to the participant that he or she could indicate
the tone of the target word by pressing the
corresponding button of the button box. The intertrial interval was set at 500 ms. The experiment lasted
on average about 10 minutes.
Figure 2: The layout of the perception experiment
mong

Toon 1
(Hoge toon)

Toon 2
(Stijgend)

Toon 3
(Dalend-stijgend)

Toon 4
(Dalend)
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were significantly more accurate in tonal perception
than the participants from PROFICIENCY 1. This
advantage of a higher level of L2 proficiency was
primarily driven by more accurate perception of T3
(coefficient = -1.728, SE = 0.823, t = -2.099，p < .05),
compared to the perception of T1 and more accurate
perception of tones when preceded by T4 in the
carrier sentence (coefficient = -1.130, SE = 0.509, t =
-2.222 ， p < .05), as shown by the interaction of
TONE x PROFICIENCY and TONAL CONTEXT x
PROFICIENCY.

would cause great changes to the citation form of the
tone, as predicted. However, not all tones were
equally difficult to perceive in the angry emotion.
Tone 4 was more accurately perceived than Tone 1 in
the neutral emotion. Furthermore, we have found that
the intermediate-advanced L2 Mandarin learners
were more accurate than the beginning L2 Mandarin
learners. This difference appears to be driven by a
difference in the perception of Tones 2, 3 and 4 when
preceded by Tone 4 by the intermediate-advanced
learners. Unexpectedly, we have found no evidence
for more accurate tonal perception in the native
controls than in the L2 Mandarin learners.
Our inspection of the percentage of correct
responses showed that the native controls made a
higher percentage of correct responses in all the fours
emotions (Native controls: 24,35% in “anger”, 24,35%
in “happy”, 24,74% in “sad”, 24,22% in “neutral”;
intermediate-advanced learners: 21,74% in “anger”,
21,61% in “happy”, 22,27% in “sad”, 22,79% in
“neutral”; beginning learners: 17,32% in “anger”,
17,19% in “happy”, 16,28% in “sad”, 19,01% in
“neutral”). Nevertheless, these differences did not
show up in our mixed-effect binary logistic regression.
Future research involving more L2 learners and more
stimuli is needed to validate whether the similarity in
accuracy of tonal perception in our study can be
replicated.
Another direction for future research is examining
the effect of speaker gender. In this study, one female
speaker recorded all the stimuli. However, there has
been reports on gender-related differences in prosodic
expression of emotion [8]. For example, the
realization of anger was different in terms of
amplitude between the male and female speakers. In
addition, previous research suggests that female and
male voices are processed differently [21]. Female
voices might impede language processing which is
attributed to the high acoustic salience and
complexity of female voices [14]. In future research,
it might be interesting to examine the relationship
between the gender and the perception of tones in
emotional speech in L2 learners and native speakers
of Mandarin.

Table 1: Summary of statistically significant results of the
mixed model linear regression analysis. The reference
category was INCORRECT for the outcome variable,
NEUTRALITY for the fixed factor emotion, T1 for the fixed
factor tone, PROFICIENCY 3 (native) for the fixed factor
proficiency, TONAL CONTEXT 1 (i.e., the target word was
preceded by a T1 word in the carrier sentence) for the fixed
factor tonal context.

4. CONCLUSIONS AND FUTURE RESEARCH
Different from previous studies which merely
focused on the perception of Mandarin tones in
isolated syllables produced in neutral emotion, the
current study examined tonal perception in different
tonal contexts in emotional speech by Dutch learners
of Mandarin at different levels of proficiency. We
have found that both the L2 Mandarin learners and
native controls were significantly more accurate in
tonal perception in the neutral emotion than in the
angry emotion. These results indicate that emotions
can influence tonal perception, especially those that
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ABSTRACT
Memory load and task-irrelevant phonetic variations
influence discrimination of non-native segmental
contrasts. We tested how these factors modulate perceptual assimilation and/or discrimination of nonnative lexical tone contrasts, relative to Perceptual
Assimilation Model (PAM) [1-2] predictions. When
perceptually assimilating Thai tones to their native
tone system, Mandarin listeners showed sensitivity
to native allophonic differences only if memory load
was low, but were unaffected by phonetic variations
in talkers and vowels. However, AX discrimination
decreased with either talker or vowel variability.
Unlike non-native segment perception, where discrimination is poorer under high memory load than
lower load, tone discrimination was not diminished
by high load (long interstimulus interval). PAMdriven predictions were supported across the cognitive manipulations: when two Thai tones were categorized into two native categories (TC) they were
better discriminated than when one or both Thai
tones were uncategorized (UC/UU). Overlapping
choices for TC assimilations can reduce discrimination accuracy.
Keywords: cross-language perception, cognitive
load, lexical tones, Thai tones, Mandarin listeners
1. INTRODUCTION
Perceptual attunement to native speech constrains
perception of non-native contrasts. This influence
from one’s native language is theorized by the Perceptual Assimilation Model (PAM) [1] to occur by
way of perceptual assimilation. A given non-native
phone may be perceptually assimilated to the native
phonological system in one of three ways: (1) as
Categorized to a native phoneme; (2) as an Uncategorized phone that falls between native phonemes;
or (3) as a Non-Assimilable (NA) non-speech sound.
Consequently, PAM claims that discrimination is
better if two non-native phones are assimilated into
two native categories (Two Category assimilation:
TC) than if they are both assimilated into the same
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native category but differ in their discrepancy from
the native “ideal” (Category Goodness difference:
CG), which is in turn better than if they are equally
good/poor exemplars of one category (Single Category: SC).
Naïve listeners can categorize non-native consonants and vowels [3]–[5] as well as lexical tones
[7]–[9] into their native categories, and their perceptual assimilation patterns can predict their performance in discriminating non-native contrasts. However, those studies did not systematically manipulate
cognitive factors. A number of studies have identified a distinction between a phonetic mode and a
phonemic/phonological mode in speech perception
[6]–[8], as a function of cognitive load.
Memory load, the capacity to hold a rapidly decaying memory for limited time [9], can cause a
switch between modes. In discrimination tasks it is
operationalized by manipulating inter-stimulus intervals (ISI). With long ISIs (1500 ms; high load),
English listeners discriminated the Hindi retroflexdental stop contrast according to L1 phonology
which has only an alveolar stop, whereas with short
ISIs (500 ms; low memory load) they discriminated
phonetic level differences. Similarly, German listeners’ discrimination of Japanese segmental length
contrasts was negatively affected by high memory
load (ISI = 2500ms) [10].
Another cognitive factor explored in previous
discrimination studies is attentional control, the ability to allocate attention between task-relevant and
irrelevant information [11]. In [10], German listeners discrimination of Japanese consonant length was
adversely affected when task-irrelevant information
(pitch variation) was added to the task.
Talker variability also leads to attention shifts
and increased cognitive load. One theory is that
talker variability leads listeners to form multiple
phonetic interpretations for a particular acoustic pattern, holding the alternatives in working memory
while shifting attention to evaluate them [12]. This
suggests that accommodating talker variability demands more working memory resources.
Studies on cognitive factors in cross-language
perception have mostly been restricted to consonants
and vowels, whereas few cross-language tone per-

ception studies have investigated cognitive factors in
discrimination. Those that have did not use theorydriven predictions about L1 influences. In addition,
memory load and attention control were most often
manipulated in discrimination tasks, which generally
involve more low-level phonetic processing than
categorization tasks. Thus it is unknown whether
these cognitive factors affect cross-language perceptual assimilation similarly.
Our study manipulated memory load and attention control in non-native tone categorization and
discrimination tasks. Memory load was operationalized as ISI in the discrimination task and as response
interval (time between the end of the stimulus and
the signal to select an L1 category) in the categorization task. Attention control was operationalized by
manipulating talker and vowel variability.
Discrimination was tested first in each of two
sessions to minimize effects of prior categorization
on performance. Due to the multiple cognitive load
conditions, it was not feasible to test all Thai tone
pairs. Based on a previous study using the same
stimuli [13], we selected three Thai tone contrasts
that met the required PAM assimilation patterns:
T33-T45 (TC), T315-T45 (SC), T33-T241 (UC).
After the first session, participants were asked to
come back two weeks later for a second session in
which we tested another two pairs: T21-T241 (UC),
T21-T33 (TC), to compare with a Vietnamese group
in a larger project.
Based on PAM, we predicted that Mandarin listeners would discriminate T33-T45 (TC) and T21T33 (TC) better than T33-T241 (UC) and T21-T241
(UC). T315-T45 (SC) should be the most difficult
contrast to distinguish. In order to evaluate these
predictions, we report the categorization experiment
before the discrimination.
2. EXPERIMENT 1: CATEGORIZATION

Mandarin. The target Thai syllables were each read
several times by two female native Thai speakers.
These informants had no experience with other tone
languages. Two tokens of each target item that were
judged to be correct and most natural-sounding to a
third native Thai speaker were selected.
We used Chao values [14] to provide a priori
phonetic descriptions of the tones in each language.
In Chao notation, F0 height at tone onset and offset
is referenced by numbers 1-5 ranging from low to
high. Thai, the target language, has three level tones
(characterized as high-level T45, mid-level T33,
low-level T21) and two contour tones (rising T315
and falling T241) [15]. Mandarin has four tones: a
level tone M55; a rising tone M35; a falling-rising
tone M214; and a falling tone M51 [16].
Response interval condition (2000ms vs. 500ms)
was a between-subjects factor, while talker variability (same vs. different) and vowel variability (same
vs. different vowels in each trial: /ma/, /mi/) were
blocked within each group.
2.1.3 Procedure
Participants were tested individually in the testing
booth (at Western Sydney University, or UNSW).
Stimuli were presented on a Dell Latitude 7280 laptop running E-Prime Professional 2. Stimuli were
presented via Sennheiser HD 280 Pro headphones at
72 dB SPL.
Before the test session, participants completed 10
practice trials. The categorization task had 140 trials
in total. On each trial, the stimulus token was presented and listeners made a forced-choice categorization judgment to their native tones (four Pinyin
options) via a key press as quickly as possible within
a 3s timeout. They then heard the tone again and
rated how well it fitted their chosen native category
on a 7-point scale. (1 = poor, 7 = perfect, 4 = OK).

2.1. Method

2.2. Results

2.1.1. Participants

3897 data points were collected (23 missing points
removed). We fitted the data with a multinomial regression model. The full model was built with Mandarin tone choice as a dependent measure, and response interval, talker variability, vowel variability
and Thai tones as fixed factors. Fixed factors were
subtracted one at a time and compared to the full
model to determine the effect of cognitive load. Both
response interval (χ2(12) = 92.37, p < .0001) and
Thai tone (χ2(12) = 5630 , p < .0001) showed significant effects in Likelihood ratio tests. However, talker variability and vowel variability were not significant. Mean percent selection of each Mandarin L1
tone for each Thai tone are plotted in Figure 1.
To determine whether a Thai tone was catego-

28 native speakers of Mandarin participated in both
experiments 1 and 2, divided into two groups for
each response interval/ISI condition (ISIshort: Mage =
24 years, SD = 4; 8 females; ISIlong: Mage = 25 years,
SD = 6; 10 females). Participants completed a background questionnaire before the test. All had normal
hearing and none had experience with Thai or more
than two years of formal musical training.
2.1.2 Stimulus materials
Two syllables (/ma/, /mi/) were chosen because they
are real words for each native tone in both Thai and
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rized into a native Mandarin tone category, we set
the categorization criterion to 70% of responses
[17]. Both T33 and T45 were Categorized in all
cognitive conditions; T21 and T315 were Uncategorized, differing from [13]. T241 was Categorized in
the short response interval condition but Uncategorized in the long response interval condition.
Figure 1: Categorization of Thai tones by Mandarin listeners in the two response interval conditions.

pant were calculated separately for each tone pair,
and for each block, yielding 40 data points for each
participant. We fitted the data using a Linear Mixed
Effect Regression (LMER) model with d' as the dependent variable, and ISI, talker variability, vowel
variability and tone pairs as fixed factors, and subject as the random intercept.
To calculate the p-values for the fixed effects, we
used the Kenward-Roger approximation to the degrees of freedom, as recommend by [18], and the
Anova function from the car package in R, with test
specified as “F”. The main effect of ISI and all interactions involving ISI were non-significant. However, there were significant main effects of talker variability, F(1, 1054) = 55.99, p < .001, vowel variability, F(1, 1054) = 63.80, p < .001 and tone pair, F(1,
1054) = 109.89, p < .001.
In addition there was a significant interaction between speaker and vowel variability, F(1, 1054) =
27.67, p < .001. As ISI did not affect the perception,
we plotted mean and standard error bars only in
terms of vowel and talker variability in Figure 2.

3. EXPERIMENT 2: DISCRIMINATION
Figure 2: Discrimination of Thai tone contrasts by Mandarin listeners in different cognitive load conditionsa.

3.1 Method

3.1.1 Participants and Stimulus Materials were the
same as in Experiment 1.
3.1.2 Procedure
An AX task (“same-different”) was used because it
allows better control of ISI; it was used in many
previous discrimination studies [10]. ISI (500ms vs.
2000ms) was a between-subjects factor, as we reasoned that listeners may not be able to switch between phonetic and phonological mode within an
experiment. Eight blocks (talker × vowel variability)
were randomized for each participant.
3.1.2 Data analysis
In order to minimize decision bias, we calculated d'
for discrimination performance. For each tone pair
in each cognitive condition, d' scores were calculated using the formula d' = Z (hit rate) - Z (false positive rate) with adjustments made for probabilities of
0 (=.01) and 1 (=.99). Hit is defined as the number
of correct responses (“different” responses on AB or
BA trials). False positive is defined as the number of
incorrect responses (“different” responses on AA or
BB trials).
3.2 Results

17847 raw data points were collected (with 73 missing points removed). The d' scores for each partici-
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a

Notes: dsdv stands for different speaker different vowel block; dssv
stands for different speakers same vowel block; ssdv stands for same
speaker different vowels; sssv stands for same speaker same vowel.

Moreover, we did multiple comparisons to test
effects of different cognitive factors with the Rpackage lsmeans. Significant differences were found
between the same-talker-same-vowel block and the
different-talker-different-vowel block, the cognitively easiest versus the most difficult blocks, respectively, β = -1.00, SE = .091, t(1054) = -10.93, p
<.001. In addition, when talkers were the same, there
was a significant difference between same vowel
and different vowels, β = -.86, SE = .091, t(1054) = 9.37 , p < .001. Similarly, when the vowel was the
same, talker variability had a significant difference,
β = -.82, SE = .91, t(1054) = - 9.01 , p < .001. Other
combinations of talker and vowel conditions were
not significantly different.
To test PAM-driven predictions of tone pair contrasts, we did multiple comparisons (Table 1).

Table 1: Multiple comparisons of tone contrasts with
PAM-driven predictions
Contrast types
Tone contrasts
t p
TC_TC/UC

33_45

33_241

18.52

**

TC_UC

33_45

45_315

16.87

**

TC_UC/UU

33_45

21_241

11.37

**

TC_UC

33_45

21_33

8.23

**

TC/UC_UC

33_241

45_315

-1.65

.467

TC/UC_UC/UU

33_241

21_241

-7.15

**

TC/UC_UC
UC_UC/UU

33_241

21_33

10.29

**

45_315

21_241

-5.50

**

UC_UC

45_315

21_33

-8.64

**

21_241 21_33
Note: * indicates < .05; ** < .001

-3.14

*

UC/UU_UC

4. GENERAL DISCUSSION
Generally, we found that different cognitive factors
affect discrimination and categorization of nonnative tones. First, the response interval effects reflect the influence of memory load in categorization
task. The initial information listeners get from
speech is low-low level phonetic information. For
example, in low memory load, they chose M214 as a
response for T21, based on the phonetic similarity
between T21 and the allotone of M214 (M21) [13].
But when they were required to wait before selecting
their choice answer, the phonetic details faded and
all they retained was the more abstract, categorical
phonological information. Thus they chose phonologically more similar falling tone M51 for T21, ignoring their phonetic differences. Additionally, phonological processing takes more time than phonetic
processing; thus the response interval effect could
also reflect two different levels of processing.
Neither vowel nor talker variability affected categorization. Vowel and talker variability in categorization task existed in blocks, not in each trial. Thus,
when listeners focused on one tone at a time in each
block, the distraction of the talker and vowel variation may have been less than in discrimination.
Moreover, the categorization task is more phonological in nature, especially in long response time condition where phonetic details decay and listeners
have more time for high-level processing and thus in
this case their choices were less susceptible to low
level phonetic variations. This supports the argument
of phonological constancy that perceivers can assimilate indexical properties of unfamiliar talkers into
the key indexical features of their native speech
community [19]. Thus they were immune to talker
and vowel variation within each block.
Conversely, both vowel and talker variability af-
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fected discrimination. AX task involves more phonetic than phonological processing (using more bottom-up stimulus information) and thus is more susceptible to phonetic variation than categorization
task. However, ISI did not lead to different performances in tone discrimination, unlike consonant discrimination, where in long ISI listeners fail to distinguish differences that they can do in short ISI. The
reason may be that the acoustic cues for consonants
are short in duration, and thus are more likely to decay in short-term memory. Tones are longer in duration (in this study extending over the whole syllable). Thus they are less susceptible to decay in shortterm memory.
Most PAM-motivated predictions work in different cognitive conditions. TC contrast is better discriminated than the UC and UU contrasts as predicted by PAM. Within UC contrasts, 21_33 (UC) was
better discriminated than 45_315 (UC). This could
be because 45_315 has a stronger overlapping response choices (M35), leading to more confusion.
However, 33_241 (TC/UC) was perceived significantly worse than 21_241(UC/UU) and 21_33 (UC).
This could be because both T33 and 241 were assimilated to complementarily overlapping native choices
(both yielded M1 and M4 choices), similar to what
has been found in unassimilated vowel pairs [20].
5. CONCLUSION
Cross-language tone categorization and discrimination were each affected by different cognitive factors. The longer response interval may have led to
decay of low-level phonetic information in the categorization task, shifting listeners to rely more on
phonological similarity between native and nonnative tones. Categorization was not affected by
talker and vowel variability, however, indicating that
listeners were to maintain phonological constancy.
Showing the opposite pattern, tone discrimination
was robust across long and short ISIs, unlike prior
findings on perception of non-native segments, but it
was affected by the low-level task-irrelevant phonetic variations of talker and vowel variability. PAMdriven predictions (TC>UC>UU) were largely upheld under the different cognitive load conditions.
Another novel finding was that overlapping native
category choices even for TC assimilation types can
decrease discrimination performance on the affected
non-native tone pairs. This study has implications
for theories of speech perception in general and in
particular for other models of non-native and second
language speech perception such as the Speech
Learning Model (SLM) [21] and the Second Language Speech Perception model (L2LP) [22].
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ABSTRACT
An eye-tracking experiment with the visual world
paradigm was conducted to investigate the role of
segmental and tonal information during on-line
lexical activation by native Mandarin speakers and
Dutch learners of Mandarin with different levels of
proficiency. The results suggest that native
Mandarin speakers use tonal information effectively
to constrain lexical activation at an early stage,
similar to the way they exploit segmental
information. Dutch learners cannot use tonal
information for word recognition as effectively as
native Mandarin speakers. A clear developmental
path, however, was observed when we compared the
results of advanced learners (who are more nativelike) to that of the beginners (who made much less
use of tonal information).
Keywords: tone perception, lexical activation, L2
learners of Mandarin, eye-tracking
1. INTRODUCTION
1.1 Tone processing by native Mandarin speakers

In Mandarin Chinese, tones are used to distinguish
lexical meanings, and the role of tone in spoken
word recognition by native speakers has received
much attention in previous studies. Studies using
online measures such as eye-tracking and event
related brain potentials investigated the on-line
utilization of tonal information during the time
course of spoken word recognition. Parallel
processing of segments and tones was found in these
studies, suggesting the tones can be used to constrain
lexical access and the role of tonal information is
comparable to that of segmental information [5,6,9].
1.2. Tone processing by non-tone language speakers
There have been an increasing number of studies
that have tested the perception and production of
lexical tone in beginning Mandarin L2 learners [3,
10] as well as the phonetic learning of new tonal
categories by speakers without prior tone language
learning experience [1, 12].
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Although the research questions varied across these
studies, their results led to a convergent finding that
naive non-native speakers of Mandarin can gain
significant improvement in tonal identification and
discrimination with a proper amount of training and
can learn to use tones in a lexically contrastive way.
Some studies also found a training-induced change
in participants’ neural system [4]. It is important to
note that most of the studies mentioned above focus
on the learning of lexical tones by naive non-native
Mandarin speakers and beginning learners of
Mandarin, the performance of advanced second
language (L2) learners and the developmental
trajectory during the time course of tone acquisition
have not been studied systematically.
1.3. The present study
To fill the knowledge gap, an eye-tracking experiment
with the visual world paradigm (VWP) (with pictures as
visual stimuli) was designed. Within each trial, an
auditory stimulus was played while four pictures were
presented on the computer screen. Participants were asked
to perform an auditory-visual picture matching task. With
this paradigm, we aimed to test (1) the relative role of
segmental and tonal information in lexical activation and
selection by native speakers and Dutch learners of
Mandarin, and (2) the developmental trajectory for Dutch
learners of Mandarin in using segmental and tonal
information effectively for spoken word recognition.

2. Method
2.1. Participants
15 Mandarin control participants and 26 Dutch
learners of Mandarin participated in the experiment.
The native Mandarin control comprised of 5 males
and 10 females (mean age = 26.9, SD = 2.5). All
were born and grew up in the Northern part of China
and spoke Standard Chinese on a daily basis. All
Dutch learners of Mandarin received formal Chinese
training from a BA Chinese Studies program. The
beginners had never lived in China (4 males, 7
females; mean age = 20.1, SD = 2.3). The other 15
participants (4 males and 11 females; mean age =
23.5, SD = 3.0) were advanced Mandarin learners,
who had Mandarin experience between 3 and 14

years (mean = 4.9, SD = 2.6), and had spent at least
one year in China.
2.2. Material
The stimuli in the eye-tracking experiment consisted
of 12 sets of monosyllabic Mandarin words. Each set
includes one critical word e.g., chuang1 ‘window’
and four competitors similar to the design in [5]. The
segmental competitor shared all phonemes with the
critical word, but differed in tone e.g., chuang2
‘bed’; the cohort competitor shared the initial
consonant and tone, but differed in the rest of the
syllable e.g., che1 ‘car’; the rhyme competitor
shared the rime and tone, but differed in initial
consonant, e.g., guang1 ‘light’; the tonal competitor
shared the tone, but differed in all phonemes, e.g.,
ji1 ‘chicken’. Since the contribution of tonal
information in word recognition is one of the main
issues we aimed to examine, the stimuli (target
words vs. segmental competitors) in the current
study included all 12 possible tone contrasts.
2.3. Procedure
Participants were tested individually in a soundattenuated room. Before the eye-tracking recording,
there was a familiarization session to ensure that
participants knew the names of all picture stimuli. In
the test session, participants performed an auditoryvisual picture matching task and the eye movements
were recorded via an Eyelink 1000 device with a
16mm lens. The sampling rate was set at 500-Hz. On
each trial, participants were presented with a fourpicture display, which contained a target, a
phonological competitor (one of the four competitor
conditions: segmental, cohort, rhyme and tone), and
two phonologically unrelated distractors. We also
included a baseline condition which included the
target and three distractors. At the beginning of each
trial, a fixation cross (“+”) appeared in the centre of
the screen for 500 ms. Then, a four-picture display
was presented on the screen. Participants were
instructed to first look at the fixation cross and then
select the word they heard by mouse clicking on the
corresponding picture. After the response, the next
trial proceeded after a 1000-ms pause.
2.4. Data analysis
Within each trial, the visual display was divided
according to the areas of the four items (i.e., target,
competitor and distractors), and only looks within
the corresponding areas were included in analyses.
The reciprocal trials and the trials with incorrect
responses were excluded from data analysis. Eye
movement data was analyzed from 200 ms to 1400
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ms after stimulus onset. The data recorded at 2-ms
intervals was resampled so that the proportion of
looks was calculated every 16 ms (62.5 Hz),
following the sampling rate used in [5], for ease of
comparison.
The statistical analysis of the eye movement data
curves was conducted with growth curve analysis
(GCA) [7,8] with linear mixed modeling in R. The
changing of the gaze distribution probability over
time was fitted using four-order orthogonal
polynomials. The intercept term indicates the
average overall fixation proportion; the linear term
indicates a monotonic change in the general
direction of the curve, while the quadratic, cubic and
quartic terms reflect the details of the steepness of
the curve [5, 7].
3. Results
For the fixation data of three groups of participants
in four conditions, linear mixed models were built
for both target looks and competitor looks. Both
models had Time components (up to the fourth-order
component),
Participant
Group,
Competitor
Condition and their interactions as fixed effects. Bysubject and by-item intercepts were entered as
random effects. Post-hoc comparisons of the
interactions of the three factors (Participant Group,
Condition and Time components) were conducted
using the glht function with Bonferroni adjustment
in the Multcomp package in R.
The statistical results of the fixed effects are
presented in Appendix 1. For each participant group,
results of the target looks are discussed first,
followed by the results of competitor looks. Since
we were concerned with the degree of activation of
different types of competitors, the curves of looks to
target/competitor in each competitor condition were
compared with baseline. Therefore, in the following,
the post-hoc results of time components between a
particular competitor type and the baseline curve are
reported in details.
For native Mandarin speakers, the proportion of
looks to target as a function of time gradually
ramped up and reached the maximum of
approximately 90% around 1100ms in all conditions,
exhibiting a sigmoidal curve. Specifically, the
proportion of looks to target in the segmental
condition (Fig.1a, chuang1 vs. chuang2) showed a
slightly delayed raising pattern compared to baseline
(ca. 500-700ms), indicated only by the significant
difference of quadratic component (Est. = 0.10, z =
3.58, p < 0.05). The proportion of looks to the
competitor exhibited a slightly higher peak
compared to baseline (at ca. 400ms), as suggested by
a significant difference in intercept (Est. = 0.01; z =

6.85, p < 0.001). The small delay in target looks and
the slightly higher proportion of looks to the
competitor compared to baseline suggests a marginal
competition effect for segmental competitors. Fig.1b
compares the cohort (chuang1 vs. che1) and the
baseline conditions. The looks to target in the cohort
condition differed significantly from the baseline
condition in the cubic component (Est. = −0.16, z =
−5.65, p < 0.001). The looks to competitor, however,
did not differ significantly between cohort and
baseline conditions, indicating that the participants
did not launch more looks to cohort competitors than
to the baseline condition. The rhyme condition
(Fig.1c, chuang1 vs. guang1) showed a lower
proportion of looks to the target than the baseline
condition, as indexed by a significant difference in
the mean height (Est. = −0.02, z = −5.22, p < 0.001).
The looks to the rhyme competitors showed a
significantly higher peak (at ca. 400ms) than
baseline (for overall height, the linear and the
quadratic component, all p values < 0.001),
indicating that the rhyme competitors were activated
effectively to complete with the targets. In the tonal
condition (Fig.1d, chuang1 vs. ji1), looks to target
were not significantly different from baseline in any
aspect. Looks to competitor only differed
significantly from baseline in the quadratic (Est. =
0.07, z = 4.03, p < 0.01) component, which indicated
that tonal competitors were not activated adequately.
Compared to native speakers, the beginners
generally showed a less proportion of looks to the
target and more looks to the competitor in all
conditions. Fig.2a shows that in the segmental
condition, there was a slightly less proportion of
looks to the target than baseline (ca.200-400ms and
800-1200ms), which was reflected by a marginally
significant intercept difference (Est. = −0.01, z =
−3.18, p = 0.07). There is a greater rate of looks to
competitor than baseline, confirmed by the
significantly different overall height and quadratic
component (all p values < 0.001). The proportion of
looks to segmental competitor remained high (about
20%) during the whole trial, reflecting the difficulty
in distinguishing minimal tone pairs. As shown in
Fig.2b, the target looks in the cohort condition
increased faster than baseline before 800ms,
indicated by a significantly different cubic
component (Est. = 0.16, z = 5.15, p < 0.001). No
significant difference in competitor looks was found
between the cohort and baseline conditions,
suggesting that the cohort competitor was not
activated adequately for competition. In Fig.2c,
there was clearly a smaller proportion of looks to the
target in the rhyme condition than baseline, which is
supported by significant overall height, quadratic,
and cubic components (all p values < 0.001). There
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was also a greater proportion of looks to the
competitor in the rhyme condition than baseline,
confirmed by the significant overall height, linear
and quartic components (all p values < 0.001). These
differences suggest that like native speakers, rhyme
competitors were activated adequately as potential
candidates for word recognition. The proportion of
looks to target in the tonal condition (Fig.2d)
showed an early and lower peak compared to the
baseline curve, as reflected by significant differences
in the linear, quadratic and cubic components (all p
values < 0.001). The proportion of looks to the
competitor remained above 10% in the tonal and the
baseline conditions for the whole process, with a
significant difference only in the linear component
(Est. = −0.09, z = −4.74, p < 0.001).
Compared to the beginners, the advanced learners
generally exhibited an improvement towards the
native direction. Fig.3a shows that for advanced
learners, there was a smaller proportion of looks to
the target in the segmental condition than baseline,
suggested by significant differences in the overall
height, the linear component and the quadratic
component (all p values < 0.001). The fixation curve
of the segmental competitor was higher than
baseline, showing significant differences in the
overall height, linear component, quadratic
component and quartic component (all p values <
0.05). The lower rate of looks to target and higher
looks to competitor conjointly indicate a strong
competition effect for segmental competitor.

Figure 1: Mean proportion of looks to the target (solid
line) and the competitor (dotted line) in different
conditions for native Mandarin speakers. Different
conditions were plotted against the baseline condition
for comparison.

Fig.3b shows a smaller proportion of looks to target
in the cohort condition than baseline during the
whole process, reflected in their significantly
different overall height (Est. = −0.03, z = −9.71, p <
0.001).

competitor indicate a strong competition effect of
the rhyme competitor. For the tonal condition
(Fig.3d), the proportion of looks to target was
slightly lower than baseline around 200-400ms, as
indexed by a significant difference in the quadratic
component (Est. = −0.10, z = −3.69, p < 0.05). The
curve of the tonal competitor was not significantly
different from baseline in any aspect, which
indicates that for advanced learners, a competitor
with only tonal overlap cannot be activated
effectively and compete with the target.
4. Conclusion and discussion

Figure 2: Mean proportion of looks to the target (solid
line) and the competitor (dotted line) for beginning
learners of Mandarin.

Figure 3: Mean proportion of looks to the target (solid
line) and the competitor (dotted line) for advanced
learners of Mandarin.

The curve for the cohort competitor did not differ
significantly in any aspect compared to baseline.
Fig.3c shows that during the whole process, the
proportion of looks to the target in the rhyme
condition was smaller than baseline. The proportion
of looks to the competitor showed a higher and
earlier peak compared to baseline, confirmed by
significant differences in the overall height, linear
component, and quadratic components (all p values
< 0.001). The smaller proportion of looks to the
target and greater proportion of looks to the
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The results showed that, for native speakers, as the
input unfolded (e.g., chuang1), the rhyme
competitor (e.g., guang1) was activated adequately
to compete with the target. The segmental (e.g.,
chuang2), cohort (e.g., che1) and tonal (e.g., ji1)
competitors were not activated adequately.
According to the TRACE model, the global
goodness of fit between the input and the underlying
representation will determine the degree of
activation of the potential candidates. Therefore, the
adequate activation of the rhyme competitors
emphasizes that the combination of rhyme and tonal
information plays an important role in lexical access
in Mandarin Chinese. This finding is also in line
with the results of [2] and [11]. The lack of
activation of the segmental competitor suggests that
native Mandarin speakers can use tonal information
effectively to constrain lexical access in an early
stage.
Compared to native Mandarin speakers, nonnative learners generally showed fewer fixations to
the target and more looks to the competitor in all
conditions, indicating the target was not fully
activated and the competitor was not fully
suppressed. For both groups of learners, the rhyme
competitor was activated most to compete with the
target. The segmental competitor was also highly
activated, indicating that tonal information cannot be
used effectively to inhibit incompatible candidates.
The origin of their inability of using tonal
information lies in their difficulty in distinguishing
tonal minimal pairs, as indexed by a late high
plateau in the curve of the segmental competitor
compared to baseline. Similar to native speakers,
both cohort and tonal competitors were activated to
a less extent for learners. Moreover, a clear
developmental path was observed. Compared to the
beginners, the advanced learners could activate the
correct targets and suppress the competitors more
effectively, showing a significant improvement
towards native-like tonal perception and spoken
word recognition.

Appendix 1. Summary of fixed effects for the models of
Looks to target and Looks to competitor.
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ABSTRACT
Mandarin is one of the most representative tonal
languages with four contrastive tone categories (Tone
1 (T1): high level (ā), Tone 2 (T2): high rising (á),
Tone 3 (T3): dipping (ǎ), Tone 4 (T4): high falling
(à)). Learning Mandarin tones is known to be difficult
for speakers from diverse first language (L1)
backgrounds. We examined how individuals differing
in L1 (English, Japanese) and experience with
Mandarin (learners, non-learners) might respond to
six pairs of Mandarin tones using a four-alternative
forced-choice discrimination test. The results showed
that while Japanese non-learners generally
outperformed English non-learners, possibly
benefitting from contrastive use of pitch accent in L1,
two groups of learners did not differ in their
perception of Mandarin lexical tones. This suggests
that English speakers can overcome the initial
disadvantage and learn lexical tones in a new
language as successfully as speakers of other Asian
language.
Keywords: cross-language perception, Mandarin
lexical tones, English, Japanese.
1. INTRODUCTION
Cross-language processing of Mandarin lexical tones
has been examined in many studies, but research
involving non-native learners is still limited [4, 5,
19]. In particular, there seems to be a lack of studies
that have directly compared learners and non-learners
from multiple L1 backgrounds. To fill this gap in our
current understanding, in this study, we included both
learners and non-learners from two L1 backgrounds:
English and Japanese. The aim was to determine if
comparable L1 effect is observed for individuals with
and without Mandarin learning experience. We hope
to gain valuable insights into if and how different L1s
might impact on the learning process of Mandarin
lexical tones. The results obtained would provide
useful knowledge for improving listening and
communication skills in Mandarin.
The two languages of interest in this study,
English and Japanese, differ in many ways. Crucially,
while English has no lexical tones, Japanese uses
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pitch accents contrastively. For example, the word
asa means ‘morning’ if it is pronounced with a highlow pitch pattern in standard Tokyo Japanese, but the
meaning changes to ‘linen’ if it is pronounced with a
low-high pitch pattern. Thus, it might be expected
that native Japanese speakers are more sensitive to
and skilled than native English speakers in processing
Mandarin lexical tones if this skill transfers positively
across languages.
However, as reviewed in [18], pitch accents in
Japanese phonetically differ from lexical tones in
Mandarin [14]. Specifically, Japanese pitch accent is
not realized within a single syllable whereas each
syllable is a tone bearer in Mandarin [12]. Further, the
pitch range in Mandarin is reported to be twice as
wide as that of Japanese. Thus, it is possible that
Japanese speakers’ prior experience with pitch
accents may not be as beneficial as one might expect.
In fact, there is a split in the literature on crosslanguage tone processing and whether L1 experience
with lexical tone plays a facilitative [8] or inhibitory
[12, 19] role is unresolved.
2. METHODS
2.1. Speakers and speech materials

The experimental stimuli and procedures were
identical to those used in previous research [15-18].
Eight (4 males, 4 females) native Mandarin speakers
with a mean age of 27.8 years (sd = 9.2) were
recruited from the undergraduate student population
at a university in Sydney. Their mean length of
residence in Sydney was 1.6 years. While some of
them spoke regional dialects in addition to Mandarin,
they all received primary and secondary education in
standard Mandarin (Putonghua) prior to arriving in
Australia and identified themselves as native speakers
of Mandarin. They were recorded in a sound-treated
studio on the university campus under the supervision
of a Mandarin-English bilingual experimenter and
received monetary reward for their participation.
A total of 76 monosyllabic words including the 28
test words (Table 1) were presented on the computer
screen one word at a time in random order and
produced twice in isolation and once in a short carrier
sentence (我读______这个字 wǒ dú ___ zhè ge zì “I

read the word ___”). All materials were transcribed in
Chinese characters along with pinyin (the Romanized
spelling system of Chinese characters with tone
symbols indicated by diacritics) to minimize any
ambiguity of pronunciation. The pace of presentation
was controlled by the experimenter. The recorded
speech materials were digitized at 44.1 kHz. The
tokens produced in isolation were used as the stimuli
for this study. The stimuli presented to listeners were
seven CV syllables (where C = /p, t, m/ and V = /i, a,
u/) across all four Mandarin tones.
Table 1: Test words used in this study (V = vowel).
V
/i/

Tone 1
眯 mī
“blind”
逼 bī
“narrow”
低 dī
“low”

/a/

妈 mā
“mother”
八 bā
“eight”
答 dā
“answer”

/u/

都 dū
“capital
city”

Tone 2
迷 mí
“lost,
confused”
bí
“nose”
敌 dí
“to fight”
麻 má
“hemp”
拔 bá
“to
extract”
达 dá
“to
extend”
读 dú
“to read”

Tone 3
米 mǐ
“rice”

Tone 4
密 mì
“secret”

笔 bǐ
“to write”
底 dǐ
“foundation
”
马 mǎ
“horse”
把 bǎ
“to hold”

必 bì
“must”
弟 dì
“younger
brother”
骂 mà
“to scold”
爸 bà
“father”

打 dǎ
“to beat”

大 dà
“big”

赌 dǔ
“to gamble”

度 dù
“occasion”

2.3. Procedures

2.2. Participants

Four groups of listeners participated in this study
(Table 2). The first two groups had English as their
L1 and the other two groups had Japanese as their L1.
Each L1 group consisted of participants with and
without Mandarin learning experience. The results of
Japanese participants were reported in our previous
study [18].
Table 2: Participants in this study. Standard deviations
are in parentheses.
L1
English
Japanese

Mandarin
experience
Yes
No
Yes
No

Gender

Age

13M, 10F
8M, 18F
6M, 4F
10M, 11F

26.2 (12.8)
24.9 (9.7)
19.9 (1.2)
22.8 (3.8)

difficult to objectively control learners’ level of
proficiency in foreign language speech research due
to large individual variation and to different curricula
at different institutions (e.g. availability of immersion
and flagship programs in USA).
Four of the English-speaking learners had
experience living in Mandarin-speaking locations
(e.g. Beijing, Hohhot, Shanghai, Taiyuan) with an
average length of residence of 2.8 years. Based on the
enrolled course codes and/or self-report, this group
included nine beginners, five intermediate, six upper
intermediate and three advanced (flagship program)
learners. Five of the Japanese-speaking learners had
experience living in Mandarin-speaking locations
(e.g. Beijing, Hong Kong, Shanghai, Taiwan) with an
average length of residence of 5 years. Based on the
instructor’s assessment and/or self-report, this group
included four beginners, three intermediate, two
upper-intermediate and one advanced learner.

All participants were university students and
participated in the study in their home countries or in
Australia. The two learner groups included
participants at different (beginner to advanced) levels
of proficiency of Mandarin. Unfortunately, it is
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This study used a four-alternative forced-choice
oddity task, which was employed in previous second
language (L2) speech research [2, 21, 22], to assess
listeners’ perception of six tone pairs (T1-T2, T1-T3,
T1-T4, T2-T3, T2-T4, T3-T4). As described in [21, p.
118], this is ‘a version of the ABX discrimination
task’ and ‘is designed to minimize response bias
(guessing)’. A high level of performance in this task
would require not only the use of purely auditory
information but also the establishment of phonetic
categories for one or both sounds in a given sound
(tone) pair. The participants were tested individually
in a session lasting approximately 45 to 60 minutes.
The presentation of the stimuli and the collection
of perception data were controlled by the UAB
(University of Alabama at Birmingham) software
[11] for the Japanese participants and English
participants tested in Australia. The PRAAT program
[1] was used for the English participants tested in
USA. The listeners heard the stimuli at a selfselected, comfortable amplitude level over the highquality headphones on a notebook or desktop
computer. The experimental session was self-paced
and the listeners could take a break after each block if
they wished.
The stimuli were presented in triads and the
listeners were given four (‘1’, ‘2’, ‘3’, ‘NO’) response
categories. Each of the six pairs was tested by change
and no-change (catch) trials. The three tokens in all
trials were spoken by three different talkers of the
same gender, and so were always physically different
even in no-change trials, as this was considered a
better measure of listeners’ perceptual capabilities in
real world situations [13].

The listeners were asked to choose an odd “word”
that was different from the other two, if there was any.
The change trials contained an odd item. For
example, a change trial testing the T1-T2 pair might
consist of /mā/2 /mā/1 /má3/ (where the subscripts
indicate different talkers). The correct response for
change trials was the button (‘1’, ‘2’, or ‘3’)
indicating the position of the odd item, which
occurred with equal frequency in all three possible
serial positions. The serial position of the odd item in
a change trial was not fixed, which increased task
uncertainty. The change trials tested the participants’
ability to respond appropriately to relevant phonetic
differences between tokens and distinguish tones
drawn from two different categories.
The correct response to no-change trials, which
contained three different instances of a single tone
category (e.g. /tǐ/3 /tǐ/1 /tǐ/2 or /pà/1 /pà/3 /pà/2), was a
fourth button marked ‘NO’. The no-change trials
tested the participants’ ability to ignore audible but
phonetically irrelevant within-category variation (in
e.g. voice quality). The participants were required to
respond to each trial, and were told to guess if
uncertain. A trial could be replayed as many times as
the listener wished, but responses could not be
changed once given. The inter-stimulus interval in all
trials was 0.5 s.
A total of 360 trials were presented in three blocks
of 120 trials. A different randomization was used for
each block. The first eight trials in each block were
for practice and were not analyzed. The resulting 336
(3 blocks x 112) trials consisted of 252 change trials
testing six pairs (42 trials each for T1-T2, T1-T3, T1T4, T2-T3, T2-T4, T3-T4) and 84 no-change trials
(21 trials each for T1, T2, T3, T4). In selecting the
stimuli, care was taken so that tokens by each of the
eight speakers would be distributed as evenly as
possible.
Responses to the change and no-change trials were
used to calculate d-prime (d') scores by following the
bias-correction procedure [9]. These scores were
based on the proportion of ‘hits (Hs)’ and the
proportion of ‘false alarms (FAs)’ obtained for each
tone pair. The highest d' was set to 4.65.
3. RESULTS
Figure 1 shows the distributions of d' scores by two
groups each of learners (top panel) and non-learners
(bottom panel) as a function of tone pair. L1 effect
appeared clearer for non-learners than for learners.
Averaged across the six tone pairs, the English and
Japanese learner groups had mean d' scores of 2.3 and
2.8, respectively. On the other hand, the English and
Japanese non-learner groups had mean d' scores of 0.9
and 1.5, respectively. The native control’s mean d'
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score was 3.99. The extent of between-group
differences varied depending on the tone pair as seen
in Figure 1.
Figure 1: The distributions of d' scores for six tone
pairs by two groups of learners (top) and nonlearners (bottom). The bold horizontal line in each
box indicates the median. The bottom and top lines
of the box indicate the first and third quartiles. The
small points outside the box are outliers. The
dashed horizontal line indicates the mean value
(3.99) for the Mandarin control group (n = 10).

A three-way repeated-measures analysis of
variance (ANOVA) with L1 (L: English, Japanese)
and experience (E: learner, non-learner) as betweensubjects factors and tone pair (T: T1-T2, T1-T3, T1T4, T2-T3, T2-T4, T3-T4) as a within-subjects factor
reached significance for all main and interaction
effects except for a L1 x Experience interaction effect
(Table 3). The significant three-way interaction was
explored by separate Experience x Tone pair
ANOVAs for learner and non-learner groups.
Table 3: Results of L1 x Experience x Tone
ANOVA.
Factor
L
E
T
LxE
LxT
ExT
LxExT

df
1, 76
1, 76
5, 380
1, 76
5, 380
5, 380
10, 380

F
7.4
42.3
88.2
0.1
3.3
7.4
3.3

p
< .01
< .001
< .001
ns
< .01
< .001
< .01

Tables 4 and 5 show the results of two-way
ANOVAs which assessed the effects of L1 and tone
pair for learner and non-learner groups, respectively.

Only the tone effect reached significance for the
learner groups (Table 4), who had the greatest
difficulty with T2-T3. T2-T3 is known to be highly
confusing for listeners from diverse L1 backgrounds
[e.g. 3-7, 10, 16-18, 20, 23, 24].
Table 4: Results of L1 x Tone pair ANOVA:
Learners.
Factor
L
T
LxT

df
1, 31
5, 155
5, 155

F

p

1.4
33.3
0.1

ns
< .001
ns

4. DISCUSSION

Table 5: Results of L1 x Tone pair ANOVA: Nonlearners.
Factor
L
T
LxT

df
1, 45
5, 225
5, 225

F
7.6
64.4
8.0

p
< .01
< .001
< .001

For the non-learner groups, the main effects of L1
and tone and a L1 x Tone pair interaction reached
significance (Table 5). While the Japanese nonlearners were least accurate for T2-T3, the English
non-learners discriminated T1-T2, T1-T4 and T2-T4
poorly in addition to T2-T3. Both groups
discriminated T3-T4 most accurately, which is
consistent with our findings involving listeners from
other L1 backgrounds [15, 17].
Table 6: Results of t-tests assessing the betweengroup differences: Non-learners.
Tone
pair

df

T1-T2
T1-T3
T1-T4
T2-T3
T2-T4
T3-T4

38.3
38.4
37.6
40.5
42.8
44.6

t

p

-2.5
-1.6
-4.3
0.2
-3.3
-2.0

< .05
ns
< .001
ns
< .01
ns

Betweengroup
comparisons
E<J
-E<J
-E<J
--

df

F

p

English

5, 150

11.0

< .001

Japanese

5, 120

11.2

< .001

This study examined the perception of Mandarin
lexical tones by four groups of listeners differing in
their L1 (English, Japanese) and experience with
Mandarin (learner, non-learner). We were
particularly interested in determining how these two
factors might interact. In other words, would the two
learner groups resemble each other to a greater extent
than the two non-learner groups in discriminating
Mandarin tone pairs despite the L1 difference?
We found that the L1 effect was limited to the nonlearner groups. Familiarity with L1 pitch accent may
have initially aided the Japanese non-learners, but the
Japanese learners did not outperform the English
learners. This discrepancy may be related to
variability in pitch accent patterns across different
Japanese dialects and also to a limited functional load
of pitch accents in comparison to Mandarin lexical
tones. Admittedly, the group size was much smaller
for the Japanese learners than for the other groups and
the two learner groups were not tightly matched in
their level of Mandarin proficiency. These limitations
need to be addressed in our future work to verify the
results obtained in the present study.
5. CONCLUSIONS
While the Japanese non-learners tended to be more
accurate than the English non-learners in their
Mandarin tone discrimination, the two learner groups
did not differ from each other. This suggests that
Japanese speakers may benefit from using pitch
contrastively in their L1. However, given that the two
learner groups did not differ from each other, English
speakers may be as capable as, if not more than,
Japanese speakers in learning lexical tones in a new
language in the long run.

Table 7: Results of one-way ANOVAs assessing
the effect of Tone pair and multiple comparison
tests (Bonferroni-adjusted): Non-learners.
L1

learners. For three out of the six tone pairs, the
Japanese group was significantly more accurate than
the English group even though both groups were
naïve to Mandarin. Table 7 shows the results of oneway ANOVAs which assessed the effect of Tone pair
and post-hoc tests (Bonferroni-adjusted) for nonlearners. The English and Japanese non-learners’
discrimination accuracy varied widely depending on
the tone pair (Figure 1).

Between-pair
comparisons
T1-T2, T1-T4 <
T1-T3, T3-T4;
T2-T3 < T3-T4;
T2-T4 < T3-T4
T2-T3 < T1-T4,
T1-T3, T2-T4,
T3-T4; T1-T2 <
T2-T4, T3-T4;
T1-T4 < T3-T4
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ABSTRACT
Mandarin Chinese lexical tones are notoriously
difficult for second language (L2) learners to
accurately perceive and produce. In Experiment 1,
we demonstrate how adult classroom L2 Mandarin
learners typically plateau in their tone learning
abilities. In Experiment 2, we train a new group of
classroom L2 learners on non-speech auditory
analogs of Mandarin tone categories. We make use
of incidental learning in which learners' attention is
directed away from the tone categories by an
engaging videogame. Results indicate that nonspeech incidental learners improved their
categorization of Mandarin tone relative to
classroom learners who were explicitly trained on
Mandarin speech. Moreover, incidental learning
transferred to affect learners’ reading aloud of tones,
resulting in more native-like tonal contours. Nonspeech ‘perceptual building block’ categories that
share critical perceptual features with L2 speech thus
appear to support classroom learning of difficult-toacquire L2 speech sounds.
Keywords: Incidental learning, Mandarin Chinese,
lexical tone, second language acquisition
1. INTRODUCTION
Mandarin Chinese (hereafter ‘Mandarin’) lexical
tones are often cited as a paradigmatic example of
difficult-to-acquire non-native speech sounds. For
native speakers of a non-tonal language such as
English, learning to accurately perceive and produce
the four pitch patterns is notoriously difficult [5-7].
For many adult second language (L2) Mandarin
learners, perceptual and articulatory abilities plateau
during classroom learning; even after multiple years
of classroom learning, L2 learners fail to approach
native-like abilities [5, 18]. One possible explanation
for these challenges is that tone learning may be
constrained by explicit instruction of the Mandarin
tones’ acoustic-phonetic characteristics (e.g., F0
contours, duration, amplitude [4, 16]). Whereas
classroom tone learning can lead to modest L2 gains,
explicit learning may interact unproductively with
first language (L1) prosodic categories, which have
some overlapping characteristics with Mandarin tone
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[14]. Recent research has found that, quite counterintuitively, incidental learning – in which a learner’s
attention is directed away from the stimuli to be
learned by engaging in a task distinct from the L2
learning domain – can lead to efficient auditory and
speech category learning [9-10]. To date, however,
L2 incidental learning studies have primarily taken a
lab-based approach in line with foundational
perceptual learning studies on segmental contrasts,
e.g., [2]. It is possible that the observed gains from
short-term incidental learning tasks may be
comparable to (or interfere with) those observed
within a structured L2 classroom. We therefore
extend incidental tone learning research to test adults
engaged in classroom L2 Mandarin learning. In
doing so, we make use of a particular type of
incidental learning, which utilizes non-speech
auditory analogs of Mandarin tone categories.
Previous research has found that building a
foundation of nonlinguistic ‘perceptual building
block’ categories results in generalization of
learning to the L2 speech categories that the
nonlinguistic sounds model [9, 15]. Importantly,
these building blocks share critical perceptual
dimensions with tone categories, but are not
perceived as speech and may therefore provide a
‘back door’ through which to influence adult L2
learners’ speech acquisition.
We present preliminary results from two
experiments. In Experiment 1, we replicate previous
L2 tone learning results, e.g., [5, 6, 15], that
highlight the acquisition challenges facing typical
classroom L2 Mandarin learners. In Experiment 2,
we train a new set of classroom learners using nonspeech auditory analogs of Mandarin tone embedded
in a novel incidental learning videogame. These
results are compared to control learners who train
explicitly through Mandarin speech learning tasks.
We demonstrate how learners incidentally trained on
non-speech perceptual building blocks of tone
improve in their categorization and production of
tone to a greater degree than those trained explicitly
on Mandarin speech. Taken together, these results
suggest that incidental videogame training on nonspeech perceptual categories that align with
perceptual dimensions of L2 categories can scaffold
wider L2 success in both speech perception and
speech production.

2. EXPERIMENT 1
2.1. Methods

Eight adult native-English university students
participated in Experiment 1 as the L2 Mandarin
group. All participants had normal hearing, spoke
only English, and were enrolled in a first-semester
Mandarin language course, which met each week for
3.5 hours of classroom instruction. Participants’
musical background and pitch perception were
controlled. Eight native-Mandarin university
students served as the L1 group. All participants
self-reported only speaking Mandarin, i.e., no other
tonal dialect, and spoke English as an L2. All L1
English participants reported in this paper were paid
or given class credit for their time. All L1 Mandarin
participants volunteered their time.
2.1.1. Stimulus creation
Stimuli creation followed the methods in [3, 20]: the
Mandarin vowel /y/ with all four citation-form F0
contours was recorded by two native speakers (one
female, one male) and sampled at 44.1 kHz. Praat’s
pitch synchronous overlap and add (PSOLA)
method [1] was used to superimpose each F0
contour on the vowel. Stimuli had a normalized
duration of 400 ms (female) and 450 ms (male).
2.1.2. Procedure
Participants performed two perception tasks: a pitch
contour discrimination sensitivity task (AX
discrimination) and a four-alternative forced-choice
(4AFC) tone categorization task. In the AX task,
participants were told to identify whether they heard
the “same” or “different” speech sounds as quickly
and accurately as possible. Participants were given a
short practice session, followed by 196 trials across
two blocks. In each trial, the two sounds were
always spoken by the same speaker with a 500 ms
ISI and a 1 second timeout period. Trials were
counterbalanced for an equal number of
same/different and male/female trials. Sensitivity
index (d') was calculated for each participant.
In the 4AFC task, participants were shown the
four Mandarin tone contours on screen and told to
identify the pitch pattern of each sound as quickly
and accurately as possible. Participants were given a
short practice session, followed by 196 trials across
two blocks with a 1 second timeout period. Trials
were counterbalanced for an equal number of each
tone type and male/female utterances.
Participants also performed a tone production
reading task. Participants were asked to read aloud a
list of 20 familiar words written in Pinyin
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romanization (e.g., hǎo; 5 words per tone type).
Recordings were presented to 5 L1 Mandarin raters
who were asked to identify the perceived tone
category of each utterance. Tone accuracy therefore
reflects whether the native speaker perceived the
utterance as the intended tone category.
The L2 group was tested three times after roughly
1, 2, and 3 months of classroom learning. During the
first two testing sessions, participants only
performed the two perception tasks (counterbalanced
in presentation order). At the third testing session,
participants performed the reading task in addition to
the two perception tasks. The L1 group was only
tested once and performed all three tasks. All testing
occurred in a quiet lab over headphones and lasted
approximately 20 minutes.
2.2. Results

Ninety-five percent confidence intervals (CIs) for
mean d', 4AFC accuracy, and reading accuracy were
calculated for each group and reported in Table 1.
Table 1: Experiment 1 95% confidence intervals
for mean d', 4AFC accuracy, and tone reading.
d'
4AFC
Reading

L2 month 1
L2 month 2
L2 month 3
L1 Mandarin

[1.9, 2.8]
[3.1, 3.4]
[3.2, 3.6]
[5.1, 5.8]

[.77, .90]
[.91, .94]
[.91, .94]
[.99, 1]

[.34, .58]
[.99, 1]

Analyses of d' revealed a main effect of group,
F(3, 28) = 101.7, p < .001, η2 = .916. Post-hoc
comparisons revealed that the L1 group had a higher
mean d' than the L2 group at all three tests (ps <
.05). The L2 group had a higher mean d' at months 2
and 3 compared to month 1 (ps < .05); no difference
was found between months 2 and 3 (p > .05).
Analyses of 4AFC accuracy revealed a main
effect of group, F(3, 28)=24.81, p < .001, η2 = .726.
Post-hoc comparisons revealed that the L1 group
was more accurate than the L2 group at all three
tests (ps < .05). The L2 group was more accurate at
months 2 and 3 compared to month 1 (ps < .05); no
accuracy difference was found between months 2
and 3 (p > .05).
The L1 group was more accurate than the L2
group at reading aloud the Pinyin tones, t(7) = 24.41, p < .001, d = 12.2.
The results from Experiment 1 corroborate
previous findings on L2 tone learning, e.g., [5].
Learners’ sensitivity and categorization of tone
improved during the first two months of structured
L2 classroom learning. Yet, these initial gains were
followed by a learning plateau in which fewer gains
were observed. In Experiment 2 we make use of

incidental learning with non-speech auditory analogs
as a potential means to advance learners beyond this
persistent learning plateau.
3. EXPERIMENT 2
3.1. Methods

Eight new L2 Mandarin learners participated in
Experiment 2 as the L2 group. All participants met
the same recruitment criteria used in Experiment 1
and were enrolled in a different section of the same
first-semester Mandarin language course.
3.1.1. Procedure
The tasks and materials followed those of
Experiment 1 with the expectation that participants
were only tested at months 1 and 3. Between months
1 and 3, participants took part in either incidental
non-speech training (N = 4) or explicit speech
training (N = 4) for 6-weeks (approximately 30/min
a week).
Explicit speech training involved web-based
Mandarin tone discrimination, categorization, and
labelling tasks from the participants’ L2 Mandarin
textbook. For example, participants heard a recorded
utterance of ma and had to indicate whether the
speaker said má or mǎ. These speech-learning
exercises followed an audio-lingual approach in line
with current L2 Mandarin pedagogy, e.g., [21].
Participants performed the exercises in a quiet space
using headphones and a computer.
Incidental non-speech training involved a space
themed videogame in which alien spaceships
appeared on screen while a non-speech hum sound
was played [8]. These nonlinguistic sounds were
impossible vocalizations that lacked information
about phonetic segments and voice but which
mimicked the pitch contours typical of Mandarin
tone categories and were derived such that they
perfectly
modeled
the
perceptual
space
characterizing four different Mandarin talkers’
lexical tone contours (see [15] for additional details
regarding auditory analogs). Due to the nature of the
task, participants were neither explicitly instructed to
form audio-visual or audio-motor associations, nor
were they told the significance of the sounds.
However, a few game mechanics strongly promoted
auditory category learning. Firstly, each spaceship
was associated with a particular sound category.
Each time a ship appeared, a randomly-selected,
acoustically variable sound exemplar drawn from an
associated sound category was presented until the
participant aimed the laser and executed an action.
Secondly, each ship originated from a consistent
quadrant of visual space (with some jitter). Players
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had a limited shooting range at any given point that
roughly spans the potential range of approach for
any one of the spaceships. This made it possible to
“set” the laser’s range even before a ship appears,
but only if participants identified the upcoming
ship’s quadrant using the sound category that
predicts the ship. Thirdly, as the game progressed,
the speed and difficulty of the game increased so
that quick identification of approaching ships by
their sound category (while never required or
explicitly encouraged) became of gradually
increasing benefit. Participants played the
videogame in a quiet space using headphones and a
computer.
3.2. Results

Ninety-five percent CIs for mean d', 4AFC accuracy,
and reading accuracy were calculated for each group
and reported in Table 2.
Table 2: Experiment 2 95% confidence intervals
for mean d', 4AFC accuracy, and tone reading.
d'
4AFC
Reading

Explicit
+speech
Month 1
Month 3
Incidental
+non-speech
Month 1
Month 3

[1.5, 3.0]
[2.7, 4.2]

[.70, .93]
[.92, .95]

[.29, .50]

[1.6, 2.9]
[3.2, 4.6]

[.73, .92]
[.95, .98]

[.44, .57]

Analyses of the two L2 groups’ d' results
revealed no difference at month 1, t(6) = -0.05, p =
.96, and resembled those of the L2 group at month 1
in Experiment 1, F(2, 13) = 0.08, p = .91. The two
L2 groups’ mean d' at month 3 did not differ, t(6) = 1.52, p = .17. Both groups showed a significant d'
improvement between month 1 and 3 (ps < .05);
both groups resembled the L2 group tested in
Experiment 1 at month 3, F(2, 13) = 3.20, p = .07.
Analyses of the two groups’ 4AFC accuracy at
month 1 revealed no difference, t(6) = -0.10, p = .91,
and resembled that of the L2 group tested at month 1
in Experiment 1, F(2,13) = 0.06, p = .94. At month
3, however, the incidental non-speech group was
more accurate than the explicit speech group, t(6) = 3.73, p < .01, d = 2.64, though both groups showed a
significant improvement between month 1 and 3 (ps
< .05). Post-hoc comparisons revealed the explicit
speech group performed similarly to the participants
tested in Experiment 1 (p > .05) whereas the
incidental
non-speech
group
outperformed
Experiment 1 participants (p < .05).

A reading accuracy difference was found, as the
incidental non-speech group read aloud tones more
accurately than the explicit speech group, t(6)=-2.97,
p < .05, d = 2.10. The explicit speech group and
participants in Experiment 1 did not differ in mean
tone reading accuracy (p > .05).

figure shows that learners trained on non-speech
building blocks produced tone contours that
approximated those of native Mandarin speakers
whereas those trained explicitly on Mandarin speech
produced less native-like contours.

4. DISCUSSION

Figure 1: Normalized pitch contours for L2
learners’ productions in Experiment 2 and L1
Mandarin speakers’ productions in Experiment 1.

Acquiring Mandarin lexical tones as an L2 learner
can be incredibly frustrating. As a result, many L2
learners abandon classroom learning before reaching
a high level of Mandarin proficiency [7]. In
Experiment 1 we demonstrated that while classroom
L2 learners make initial gains in tone discrimination,
categorization, and tone reading, learners’ typically
plateau after several months of explicit classroom
instruction.
In Experiment 2 we explored whether
supplementary explicit speech training or incidental
non-speech training could support wider L2
Mandarin acquisition. We found that 6 weeks
(roughly 30 min/week) of explicit speech training
did not improve learners’ perception or production
of L2 tones beyond the levels attained without the
intervention. In contrast, we found that 6 weeks of
supplementary incidental training using non-speech
auditory analogs of Mandarin tone resulted in
improved categorization and more native-like
Mandarin tone productions.
Taken together, the present study’s preliminary
results suggest that nonlinguistic ‘perceptual
building block’ categories result in generalization of
learning to the L2 speech categories that the
nonlinguistic sounds model, e.g., [9, 10]. Because
these building blocks share critical perceptual
dimensions with tone categories, we argue that they
provide a ‘back door’ through which to influence
adult L2 learners’ speech acquisition without the
interference of explicit knowledge of L1 categories.
Novel to the present study, we extended previous
lab-based research to adults engaged in structured
L2 classroom learning. To our knowledge, this
serves as initial evidence of incidental learning
supporting wider natural adult L2 acquisition. Even
more exciting for future research and theoretical
models of L2 speech learning, we observed that
incidental non-speech training on auditory analogs
of tone transferred to affect L2 learners’ articulation
of acoustic-phonetic cues involved in accurate tone
productions. This transfer occurred despite learners
receiving no additional production practice during
the incidental training. Figure 1 plots the normalized
pitch contours of the L2 learners in Experiment 2
and the native speakers in Experiment 1 (following
the normalization methods outlined in [17]). This

We acknowledge that the present study’s
preliminary results are based on a small sample size
and restricted to classroom L2 learners who may not
reflect the typical adult L2 learner. Moreover,
although our incidental training program improved
classroom learners’ abilities, we note that
participants remained considerably less accurate
than native speakers, as well as more proficient L2
learners tested in prior research, e.g., [13,16]. Future
research is needed to strengthen our claims and
clarify whether extended incidental training may
lead to even greater L2 improvement. Additionally,
because
non-lexical,
acoustic-phonetic
tone
processing (as emphasized in our AX and 4AFC
tasks) differs in important ways from the lexical tone
processing necessary for Mandarin language
acquisition [11], we recognize that our results may
reflect task-specific perceptual strategies rather than
the processes and mechanisms supporting Mandarin
tonal word learning [12, 19]. For these reasons, our
future work will expand outcome metrics beyond
perceptual categorization and generalization.
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ABSTRACT
This paper describes a novel computational toolkit for
tonal analysis: DAPPr (Discrete Annotations for
Pitch and Prosody). In particular, in this paper, we
describe a first-pass method for automatically
extracting target segments for analysis using a trained
deep learning neural network. This automatic
segment extractor is designed to work languageindependently with minimal or zero training data.
Together with the already-implemented DAPPr suite,
these tools produce discrete pitch annotations that are
consistent, objective, and compatible with other
techniques and tools for analysis. While this tool was
designed with tone languages in mind, the segment
extraction and pitch analysis methods are relevant to
the study of prosody more generally or even simply
for automatic vowel detection. The aim of this
analytical suite is to promote the inclusion of
objective, replicable pitch data in documentary,
descriptive, or theoretical materials.
Keywords: Tone,
documentation

prosody,

pitch,

language

1. INTRODUCTION
To date, it remains an open question how best to
include pitch information in linguistic materials. For
tone languages, the standard is to annotate data with
more or less phonemic tone markings (diacritics,
numerals, IPA tone levels, etc.). But, as recently
highlighted by Remijsen [15], tone marking is not
pre-theoretical; it is an analytical choice, which can
obscure the surface realization of tones, or worse,
may not be an accurate representation of the data.
Similar points have been raised for intonation [9],
where it is even less standard to include any sort of
prosodic markings in most linguistic representations
(unless focusing specifically on prosody). Worse still,
many linguists are still uncomfortable with tone [13]
and thus may exclude tone marking altogether,
rendering the materials of little use to future
researchers interested in the prosodic system. Past
work on computational methods in linguistic
description has also argued for the utility of including
such a level of annotation in documentary materials,
both to assist current analysis and to make the
materials maximally useful for future research [7].
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In light of this situation, we find a need for a
standard method of including representations of
phonetic pitch information in linguistic materials. We
turn to discrete annotations as a way to capture broad
phonetic information, much in the way of broad
phonetic segmental annotations.
In making the analysis of pitch information more
accessible, we find that it is essential to also make
data processing itself accessible. To this end, we have
begun development of a module to accompany the
main DAPPr analysis software to assist in preprocessing the data. In this paper, we present the first
iteration of the module, and find promising results.
To address these issues, we are developing a
computational toolkit, DAPPr (Discrete Annotations
of Pitch and Prosody). DAPPr takes as input a
recording and outputs normalized annotations that
can serve as an intermediate between raw phonetic
information (i.e. f0 in Hz) and a phonemic analysis.
The annotations created by DAPPr are designed to
create an objective, replicable, and digital version of
the system of dashes often found as a descriptive
lingua franca for the surface realization of tone. It is
designed to be used by anyone, regardless of technical
training or familiarity with tone and prosody. In the
process of producing discrete pitch levels, the toolkit
also implements a range of related easy-to-use
functions, including f0 extraction, correction, and
normalization, duration measurements, and logging
of an individual’s pitch range across recordings, all
functions that may be useful in a variety of research
contexts. In this paper, we summarize the
functionality of DAPPr for discrete pitch annotation,
and will describe the development of automatic vowel
extraction (AVE) to automatically pre-process data.
We first briefly address previous computational
approaches to pitch annotation and vowel extraction
in §2, then turn to a basic overview of the DAPPr
workflow. §4 lays out the deep learning neural
network for AVE, and in §5 we conclude.
2. PREVIOUS APPROACHES
Previous work in automatic tone annotation has
primarily focused on identifying phonemic tone
categories. Many methods have been focused on
automating phonemic transcription for languages
with known tone systems. These have included
Hidden Markov Models [4][11][20][21], neural
networks [1], and clustering [5].

Methods for analysis of unknown tone systems are
less common. Language-independent clustering is
implemented in the software Toney [3]. This tool aids
the user in grouping perceptually similar tones
together with the goal of faster identification of
phonemic categories. However, it is still focused on
speeding phonemic analysis, and less on preserving
pitch information for future research. We aim to fill
this gap with DAPPr.
Automatic identification of target sequences has
also been addressed in previous work. Projects like
ProsodyLab [6], Montreal Forced Aligner [12] and
FAVE [16] have all made strides towards
streamlining data processing. However, forced
alignment typically requires significant training data
for a specific language and often requires full,
accurate transcriptions. Although the ideal case is to
be able to exhaustively segment recordings, the
amount of pre-processing necessary for these
techniques can be prohibitive, especially for lowresource languages.
Previous language-independent implementations
such as {Deep} Phonetics Tools [18], a deep neural
network for vowel extraction, perform at a high level
of accuracy. However, it also requires input
segmented into CVC sequences, which does not
cover the kind of data typically used in pitch
extraction and analysis.
Thus, we identify a need for an automatic vowel
extractor that is language-independent, easy to use,
and can be paired with the pitch extraction algorithm
to create completely automated pitch annotations.
3. PITCH EXTRACTION, NORMALIZATION,
AND DISCRETIZATION
DAPPr is implemented in the open-source
programming language Python, with additional
support from Praat and Python packages scikit-learn
[13] and Parselmouth [10]. The tool is equipped with
a simple graphical user interface, making it accessible
without the need to interact directly with code.
The pitch extraction tool takes as input an audio
file (in .wav format) and accompanying TextGrid
annotated to indicate target segments (generally
vowels) for analysis. F0 measurements are extracted
via a Praat script every 10ms throughout the segment.
A major benefit of DAPPr is that it will not only
extract f0 but also apply algorithms to do some
automatic cleaning for failure of the pitch extraction
algorithm, with the aim of retaining as much data as
possible for the normalization steps.
After the data are cleaned, the f0 values undergo
normalization. We follow a widely practiced
normalization procedure and normalize f0 to
semitones [2][8][17]. We choose here to normalize to
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a speaker-specific f0, the mean of the speaker’s range.
This mean is tracked across multiple recordings to
increase accuracy in normalization.
Finally, DAPPr discretizes the pitch data. This step
considers all f0 information from all recordings for a
given speaker and uses as a maximum and minimum
value the 99th and 1st percentile of the speaker’s range
to reduce the effect of any remaining outliers. The
speaker’s range after normalization is divided into
equal bins, or levels, the number of which can be set
by the user as a parameter of the tool. The levels are
labeled numerically such that 1 refers to the lowest
level. Each token is sampled at 2-3 points, depending
on the needs of the researcher, and each sample is
then assigned to the appropriate level.
DAPPr outputs include tab-delimited text files
containing all raw and normalized measurements, as
well as TextGrids with a new tier of discrete level
annotations, which can also be imported in ELAN and
merged with other layers of annotation.
4. AUTOMATIC VOWEL EXTRACTION
4.1. Methodology

In this section, we present a tool for automatic vowel
extraction in data processing. We approach the
automatic vowel extraction tool with the following
criteria in mind: it must be language-independent,
require minimal, if any, training data, and be able to
identify segments of interest for pitch analysis.
Crucially, identification of vowel quality is not
necessary for pitch-extraction, and since vowel
quality annotations are to some degree languagedependent, we choose to simplify vowel extraction to
a binary classification task: identification of whether
the given acoustic material belongs to a vowel or not.
Our implementation takes as input an audio file
with no annotations and produces a TextGrid with
target segments marked as ‘V’. The results of this can
be inspected or fed into the main DAPPr analysis
suite.
Training data totalling 130 minutes included
eleven languages and 68 speakers. Several languages
were drawn from the UCLA Voice Quality project
[19], a dataset including wordlists recorded in a
variety of languages by multiple speakers. The
languages selected from this data set, Santiago
Matatlan Zapotec, San Juan Guelavia Zapotec,
Luchun, Yi, Bo, Black Miao, and Mazatec, were
chosen because they were annotated to the level of
detail required in the analysis of the tool. We
supplement this data with field recordings in Seenu,
Santo Domingo Albarradas Zapotec, Teochew, and
Tommo So.
Thus the training dataset covers a large number of
speakers from typologically different languages, and

from different annotators. The purpose of these
choices is to allow the model to generalize across
different data to create a model that is not overly
influenced by one subset of the data.
The training set is annotated such that vowels are
marked as 1 and non-vowels as 0, including
consonants, silence, and non-speech noise. The
training data are featurized using the Praat algorithm
to generate spectral coefficients and intensity
measures via the Parselmouth interface. These data
are then merged with human-made TextGrids
delineating the boundaries of the target vowels to
create a training set.
The model itself is a multilayer perceptron that is
trained on the data described above. The model is
then presented with data outside of the training set
and predicts the locations of the vowels. The output
of the model is then smoothed to reduce noise, and
the results of the module are written to a TextGrid,
where ‘V’ marks the locations identified as
containing a vowel, and blank annotations in other
intervals. This TextGrid can be directly input into the
pitch analysis module of the DAPPr tool, resulting in
fully automated pitch annotations that can be
incorporated with other information.
Because the training data does not require any
phonological information such as the identity of the
segments, training data can be made before
phonological analysis is complete, allowing for use of
DAPPr in early-stage linguistic description and
documentation.
4.2. Model Results

In testing the model, we ran the tool on languages
that were outside of the training dataset. For the
purposes of qualitatively analysing the model’s
predictions, we take as a case study Mandarin,
specifically a 350 sec recording of a wordlist
elicitation. For Mandarin, we had human annotations
for all of the vowels in the recording.
Figure 1 compares a representative DAPPr output
for the model-identified vowels (top) and the humanidentified vowels (bottom) for an utterance in
Mandarin Chinese. This example shows the possible
outcomes of using this tool in conjunction with
DAPPr, and comparing the DAPPr annotation gives
good insight into the quality of the vowel annotation
for these purposes. From left to right, segments A, B,
C and D are captured in both tools, although the start
and end points for the model-predicted vowels are
slightly different in some cases (around 10 ms). The
DAPPr output for both are also the same. For the
segment labelled C, DAPPr excluded the segment
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from pitch analysis (labelled as X) in both models
because of poor pitch tracking.
Figure 1: DAPPr output for model-identified
vs. human-identified vowels. Each vowel label
is replaced with a capital letter to allow for easy
comparison.

Segments E, F, and G demonstrate divergent
behaviour between the model and human annotator.
In segment E, the model failed to pick up on a
segment that was annotated by a human annotator. In
segment F, the model identified a segment with a start
time that is 30 ms away from that of the human
annotator. In addition, the resulting DAPPr
annotations for the model output are (3,3) as opposed
to (3,2) for the span annotated by a human. Finally,
for G, the model failed to identify any vowel at all.
However, the vowel identified in the human output is
excluded in the DAPPr annotations, so there is no loss
of information in this case.
Generally, in cases where the model fails to
identify vowels, there appears to be some lack of
robustness in the vowel, such as low amplitude or
significant creak. Many of these factors also interfere
with DAPPr predictions via poor pitch tracking. The
correlation between poor vowel placement and poor
pitch tracking means that despite some failures of the
model in terms of absolute vowel identification, the
output of the model is still largely usable for pitch
analysis, since these spans would likely be excluded
from DAPPr analysis anyway. Moreover, using
automatic vowel extraction algorithms may also serve
as a kind of filter that excludes acoustic information
that would fail at a future analysis step. This approach
would reduce reliance on later ad hoc data-cleaning
algorithms in the data analysis pipeline.
All-in-all, there is relatively little information lost
in using a generally trained vowel extraction model
for data processing, and huge gains are made in the
volume of data that can be processed.
The automatic vowel extraction module can be
used in its general form for DAPPr-style tasks
involving automatic data cleaning, pitch extraction,
normalization and discretization. In addition, it is

possible to tune the model to data from a specific
language in order to create a within-language model.
To test the quality of the within-language model,
we took a single recording (206 seconds) of a male
speaker of Seenku reading target words in a frame
sentence, and annotated it by hand. We then trained
the model on different subsets of data (10%, 25%,
30%, 40%, and 80%) and tested it on three
recordings: the same recording, a different recording
done in the same style by the same speaker, and a
similar recording by a different (female) speaker of
Seenku. The results are given in Table 1.
In this case, we are interested in how closely a
within-language model will match the human
annotations. Thus, we measure performance using a
metric called coverage, which is the percentage of
segments annotated by the human researcher that
have both a start and end timepoint within 20 ms of
an interval in the model output.
Table 1: Degrees of coverage by amount of

training data, within and across speakers.
%
used
10
25
30
40
80

Same
recording
0.84
0.9
0.91
0.91
0.91

Same
speaker
0.64
0.76
0.80
0.83
0.83

Different
speaker
0.59
0.57
0.57
0.57
0.57

DAPPr. A within-language model requires some
training data, which can be used to iteratively
bootstrap a larger dataset for better models. However,
a within-language model also provides a high level of
control and the potential to fine-tune the model to
specific desired properties of the language, with the
trade-off of a higher cost to using and training the
model.
5. CONCLUSION
In this paper, we have presented an automated
workflow for discrete pitch level annotations that
incorporates automatic vowel extraction. We find that
even with a simple DNN, it is possible to vastly
reduce the amount of human effort necessary to
annotate recordings with pitch information. The
preliminary results presented above demonstrate the
potential of the tool in streamlining data processing
for phonetic analysis of vowels, particularly pitch.
Future directions for this project include: comparing
machine learning algorithms, building a larger model,
and using DAPPr in a wider range of languages and
research questions.
Our ultimate goal in developing DAPPr is to
remove both psychological and practical barriers for
the incorporation of pitch information in linguistic
materials. An automated system of discrete level
annotations based directly on the acoustic signal
promotes transparency and replicability of prosodic
findings and helps ensure that important linguistic
data is there for future generations.
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ABSTRACT
We describe here a speaking atlas that takes the form
of a website presenting interactive maps, where it is
possible to click on 260 survey points to listen to as
many speech samples and read a transcript of what is
said, in regional and minority languages of
Hexagonal (i.e. Metropolitan) France and its
Overseas Territories. We show how an attractive
website enables us to collect more data in
underresourced and endangered languages and how
these data may be used for phonetic analyses and
dialectometry purposes. A one-minute story (“The
North Wind and the Sun”) was used, phonetically
transcribed automatically by grapheme-to-phoneme
converters and forced aligned with the audio signal: a
methodology which can be applied to other languages
and dialects.
Keywords: speaking atlas, language documentation,
underresourced languages, dialect crowdsourcing.
1. INTRODUCTION
Language documentation is crucial for underresourced languages which are often endangered.
Solutions have been proposed to record, transcribe
and translate such languages in India [16], Africa [1],
Papua New Guinea and the Amazon [4]. They may be
adapted for European minority languages and dialects
— the distinction between these two categories being
not clear-cut. However, the speakers are often elderly
people who may be quite isolated and scattered over
a vast territory. We believe that human relationships
are essential and that, the interface (web-based or
smartphone-or), needs be attractive to collect data
that are of interest for phonetic analyses. In this paper,
we show that a speaking atlas is well-suited for this
purpose.
The first modern linguistic atlas, even if previous
attempts at mapping dialects exist, is the Linguistic
Atlas of France [9]. Built on the basis of data
collected between 1897 and 1900, it did not include
audio recordings. Between 1911 and 1914, F. Brunot
launched the project of a phonographic linguistic
atlas, but it remained in the draft stage, with only three
surveys in the Ardennes, Berry and Limousin [12].
Since then, linguistic atlases have been published for
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various regions of Europe, but with a few exceptions
[13][15][3] they are not spoken atlases.
The purpose of this article is twofold. We first
describe a speaking atlas which takes the form of a
website presenting an interactive map of France,
where one can click on more than 260 survey points
to listen to speech samples and read a transcript of
what is said, in regional or minority languages. The
second objective is to show that, elaborating on this
base, which follows a traditional approach in
dialectology, via the Internet, we were able to collect
and analyse new data without necessarily returning to
the field.
We recorded the Aesop fable “The north wind and
the sun” (one minute of speech), used for over a
century by the International Phonetic Association
(IPA) to illustrate a number of languages of the world.
The main achievements are presented in Section 2.
Section 3 shows how they enabled us to acquire more
data; it also shows how the recordings gathered can
be exploited for phonetic analyses and dialectometry
purposes. Section 4 provides a short conclusion.
2. OUTLINE OF THE SPEAKING ATLAS
Launched in 2016, the project Atlas sonore des
langues régionales de Francei aimed to highlight the
linguistic diversity of France, beginning with the
metropolitan area. We recorded the same story (a
hundred versions of which can be listened to in
different languages and language varieties on the IPA
website) in Basque, Breton, Alsatian, Franconian,
West Flemish and Romance languages. The atlas has
since then been extended to the French Overseas
Territories (Caribbean, Pacific and Indian Oceans) as
well as non-territorial languages such as Rromani and
the French sign language (LSF). With more than 260
survey points represented, around 60 regional and
non-territorial languages of France are illustrated,
half of them in Oceania.
The homepage of the website, accessible in French
and English (https://atlas.limsi.fr), opens with
hexagonal France, divided in 25 dialect areas. In
addition to the borders of French departments (which
delimit the administrative regions), we have included
boundaries between linguistic domains. These are
eminently more questionable and generally less
precise. Any classification being controversial, the

one we propose has no claim to be definitive. It
retains the regional languages or primary dialects
listed in Figure 1. We have taken up a classical
division into Romance languages — Oïl (Picard,
Gallo, Norman, Mainiot, Angevin, PoitevinSaintongeais, Berrichon-Bourbonnais, Champenois,
Burgundian, Franc-comtois, Lorrain and Walloon),
Oc (Gascon, Languedocian, Provençal, NorthOccitan and Croissant ‘Crescent’), Catalan, Corsican
and Francoprovençal, with particular signage for
Ligurian dialects confined to isolated towns like
Bonifacian —, Germanic languages (Alsatian, West
Flemish, Franconian) and “other languages” (Basque
and Breton). The latter three languages, in France, are
traditionally
subdivided
into
dialects:
Luxembourgish, Mosellan and Rhenish for
Franconian, Lapurdian, Lower Navarrese and
Souletin for Basque; Trégorois, Léonard,
Cornouaillais and Vannetais for Breton. Although
each of these ten dialects is represented by at least one
survey point, these labels were not shown on the map
for scale reasons.
Tabs open maps of the American-Caribbean Zone
(Antilles and Guiana), the Indian Ocean (Mayotte and
Reunion Island), the Pacific Ocean (New Caledonia
and Wallis-and-Futuna, on the one hand, French
Polynesia on the other). They can also be accessed
directly by clicking inside the rectangles of the world
map (https://atlas.limsi.fr/ ?tab=map) which allows
navigation from creole to creole. In addition, by
checking the appropriate boxes at the bottom of the
page, other recordings (and their transcripts) can
appear outside of France, in Walloon, Aranese
Occitan, Aragonese, Catalan, Asturian, in different
Ligurian dialects, Bislama (English-based creole
from Vanuatu), Fijian, Latin and even Esperanto. A
specific box makes it possible to display, along with
the survey points in Belgium, Romand Switzerland
and Jersey, the linguistic areas around the
corresponding dialects. Another checkbox allows the
user to zoom on the Crescentt, in the centre of France,
to display survey points that would otherwise be too
close to one another at the scale of the French
territory, in and around this area — a transition zone
between Oïl and Oc languages which is particularly
interesting. In addition, a double orthography has
been added for some varieties, in particular
(Provençal) Occitan, Berber (in Tifinagh and Latin
alphabets) and Arabic dialects. The page “About”
enables the visitor to know more about the project
with some of our publications [6] and to download the
data under a Creative Commons license. Finally, a
Search menu allows users to enter a commune name
to locate it by a flag on the map.
Whereas, in Hexagonal France and in its periphery
(Jersey, Belgium, Switzerland, Italy and Spain),
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names of localities are displayed, names of languages
or language varieties have been reported elsewhere:
for example , “Estrian Quebecois” on the world map,
“Judeo-Spanish” (in its two Ḥaketía and Djudyó
varieties, mapped in Tangier and Thessaloniki,
respectively) on the map of non-territorial languages.
Judeo-Spanish, which was not mentioned in the
Cerquiglini report [8], has since then been added to
the list of “non-territorial languages of France”, with
respect to which the French State acknowledges a
patrimonial responsibility. The same applies to LSF,
for which, due to its special status, we made an audiovisual recording — from a professional storyteller.
The video was “dubbed” in French by a researcher
specialised in LSF, who also wrote an explanatory
text of a length equivalent to that of the fable (i.e. a
hundred words), for educational purposes. In
summary, the languages of France we mapped, in
addition to the ones listed above for Hexagonal
France, are:
 French-based
Creoles:
Guadeloupean,
Martinican, Guyanese, Reunion creoles and
Tayo (creole of New Caledonia);
 Nengee languages (English-based creoles,
possibly influenced by Portuguese, of the
descendants of slaves taken to Suriname):
Aluku, Ndyuka, Pamaka, Saamaka;
 Hmong (an Asian language brought to the
French Guiana) and Indigenous languages of
America: Kali'na, Wayana, Arawak, Palikur,
Teko, Wayãpi;
 Mayotte languages: Shimaore (Bantu), Kibushi
(of Malagasy origin);
 Kanak languages: Nyelâyu, Jawe, Nêlêmwa,
Zuanga, Pwaamei, Paicî, Ajië, 'orôê, Xârâciùù,
Drubea, Numèè, KwényÏ, Iaai, Drehu, Nengone:
 Polynesian languages: Faga Uvea, Wallisian,
Futunian, Tahitian (including in its Reo Maupiti
variety), Pa'umotu (in its Napuka, Tapuhoe,
Parata and Maragai varieties), Rurutu,
Ra'ivavae, Rapa, Marquesan (in its 'eo 'enana
mei Nuku Hiva, 'eo 'enana mei 'Ua Pou, 'eo 'enata
varieties), Mangarevan;
 non-territorial languages of France: dialectal
Arabic (Moroccan, Algerian, Tunisian, Syrian,
Palestinian), Berber (Tashlhiyt and Kabyle),
Judeo-Spanish (in its Ḥaketía and Djudyó
varieties), Yiddish, Western Armenian,
Rromani, LSF.
Particular efforts were made to map the eight
customary areas of New Caledonia and the five
archipelagos of French Polynesia, for which two
varieties of Tahitian, three of North Marquesan ('eo
'enana) and South Marquesan ('eo 'enata) and four
varieties of Pa'umotu were included. All field
recordings, were collected in quiet rooms (in Wave

format, sampled at 44.1 kHz), and great care was
given to the orthographic transcription of what was
said. Technical problems had to be resolved (e.g.
diacritics like macrons, which are important in
Polynesian languages to indicate vowel length), in
addition to difficulty with translation. It seems that
the wealth of our linguistic heritage is of interest to
the general public, since in about a year our site has
attracted over half a million visits.

mostly come from the rural world and have benefited
from some social ascent (for example through
teaching), who have thought about their dialects and
are attached to them, knowing that their way of
speaking will probably disappear with them or their
generation. A bias remains: we mainly are in contact
with people who are connected to the Internet, but we
try to meet other categories of speakers.
3.2. First phonetic/phonological observations

3. EXPLOITATION AND EXTENSION
OF THE DATA
3.1. Back to the genesis of the speaking atlas

The principal investigator (PI) of this work conducted
dozens of field surveys, all over Hexagonal France
and the Overseas, to record the speakers who are
often elderly people (average age = 60). This work,
which revived a very classical approach in
dialectology, led to the launch of a first version of the
website, with one hundred transcribed recordings
from Hexagonal France, in June 2017. The site has
enjoyed a great success in print and broadcast media
as well as in social networks, with the general public,
since it received 300 000 visits over the summer of
2017. Over 200 different people wrote to us, about 60
of them spontaneously sending us their contributions
(recordings, orthographic transcripts and signed
consents). The recordings have most often been made
with smartphones, which today give high quality
results. This crowdsourcing dimension was made
possible by a snowball effect created by the network
of speakers we met (followed up by a few dozen email messages in which the PI thanked them and
invited them to disseminate the information) and by
the media publicity that ensued. Extended in May
2018 to the many languages of the French Overseas
and so-called non-territorial languages, the site
continues to be regularly visited and alimented by
spontaneous proposals for contributions, especially
from Occitania, but also from distant islands.
We have not developed a complicated recording
interface; on the other hand, we answered all those
who wrote to us, enjoining them to advertise our
work, possibly within clubs and associations of
dialect speakers. As minority languages continue to
unleash
passion,
the
media
multiplied
communication.
We argue that this special human relationship,
even via the Internet or the telephone, is crucial to
learn about the local geography and history and leads
to very enriching exchanges. Although we are in
contact with a wide range of people, a particular
profile emerges: we often deal with retired males
who, without necessarily being “local scholars”,
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Regardless of these methodological aspects related to
the special session of the present conference,
observations can be made at the phonetic/
phonological level, for the collected data. Here we
limit the discussion to Hexagonal France.
The Latin /k/ has been maintained in Corsican,
Catalan, South-Occitan as well as in Norman, to the
north of what is known as the Joret line [11] and in
Picard, resulting in forms such as recauf(f)é
‘warmed’. This /k/ evolved to [ʃ] around central
dialects (resulting in forms like réchauffé), into an
interdental [θ] (noted <sh>) in Francoprovençal,
resulting in forms like reshodô, and is affricated in
[ts] in North-Occitan as in part of Burgundy, resulting
in forms like rétsindu. Perceptively very salient, an
[h] can be perceived not only in non-Romance
languages but also in most varieties of Norman,
where the corresponding phoneme is noted <h> (e.g.
hardes ‘cloak’), Poitevin-Saintongeais where the /h/
phoneme, noted <jh>, corresponds to French /ʒ/ (e.g.
voeyajheur ‘traveller’) and Gascon, where the
corresponding phoneme, noted <h>, comes from the
laryngealisation of Latin /f/ (e.g. hòrt ‘strong’).
Similarly, a [ç] is perceivable in Burgundian Bresse
transcribed as <sc’> (e.g. sousc’iller ‘to blow’), in
Franche-Comté near the Swiss border, transcribed
<çh> (e.g. çhioûçhaie ‘to blow’), in Poitou, also
transcribed <çh> (e.g. the demonstrative çhàu ‘'that’)
and in Alsace bossue, noted <ch> as in German, even
if the dialect spoken in our survey point of
Wolfskirchen is not Alemannic but Rhenish
Franconian. An [x] coming from different origins can
also be heard in Breton and in Germanic languages
and in dialects like Alsatian, also transcribed <ch>
after a vowel like <o>, as well as in Lorrain,
transcribed <hh>, in the Vosges.
An apical [ɾ] can be heard throughout the South,
as well as in Burgundy and Maine [14]. Also, in
Occitan, betacism (confusion between [b] and [β] or
[v]) is found in Gascon, Languedocian and sporadically elsewhere, and is shared with Catalan (e.g.
arribaria ‘would arrive’). Rhotacism is found in
Gascon, North-Occitan and sporadically elsewhere in
the word sorelh ‘sun’, where it can also affect the
final consonant /ʎ/, especially in Auvergne.

These remarks illustrate that some consonants (/h/,
/ θ/, /ç/, /x/, /ɾ/,/ʎ/, /β/) are missing in French, even
though they may be matched with French units (e.g.
/ɾ/ with /ʁ/, /ʎ/ with /lj/, /β/ with /b/ or /v/), as was
done in [17]. Conversely, at the phonological level,
the vowels /œ/ and /ø/, which are found in all the Oïl
area, do not belong to the Occitan system, except
perhaps in Eastern Languedocian and in the North of
the domain with the Croissant. The above mentioned
examples are among the issues which must be taken
into account when considering the phonetic
transcription of these varieties.
3.3. Towards automatic phonetic transcription and
dialectometry

The phonetic specificities of the languages of France
listed in the previous section, not to mention the
Overseas and non-territorial languages, illustrated
that the phonetic transcription task is not an easy one.
However, as a first step in this direction, forced
alignment experiments using French acoustic models
with some adjustments were conducted for 140
survey points in Hexagonal France (of which 60 in
the Occitan domain). The corresponding word list,
composed of 4000 words, was transcribed using
grapheme-to-phoneme converters developed for
French and Occitan [5], the pronunciations of which
were proposed as pronunciation variants to the
alignment system. The acoustic models used were
context-indepdendent phone models trained for
French [2]: they represent a set of 35 phones, with 3

extra units for non-speech events (silence, breath and
fillers). The breath model was used as a pronunciation
variant for /h/.
The outputs of the alignment system will certainly
have to be corrected, but as the boundaries between
units are positioned quite accurately, the process will
be sped up. Pending manual checking, dialectometry
experiments were conducted, based on a simple intersymbol edit distance, as in [10]. The results make
sense insofar as the clusters that are obtained are
consistent with expected divisions between nonRomance languages and Romance languages and,
within the latter, divisions between Oïl and Oc
languages, for which the Gascon dialect departs from
the other Occitan dialects [7]. These promising
outcomes encourage us to continue this work with the
study of all our investigation points.
4. CONCLUSION
The speaking atlas presented here shows the richness
of our linguistic heritage. It allows us to appreciate its
diversity, directly and on a comparable basis (well
known by phoneticians), which seems to incite great
interest by the general public and not only specialists.
The attractiveness of the website and the maps is
probably no stranger to this success. We intend to
continue this work and provide a phonetic
transcription of all the recorded data. Thus, we will
show that the same methodology can be applied to
collect, document and analyse minority, lowresourced and endangered languages.

Figure 1: map of Hexagonal France. Warm colours (in the reds) were chosen for Oc varieties, cold colours (in the
blues) for the Oïl varieties, while shades of yellow for Germanic languages.
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ABSTRACT
Most reference grammars relegate vowel acoustics to
minor sections, at best. Likewise, a corpus assembled
to support grammatical description may lack highquality recordings targeting vowels in all
environments. Recent studies have applied multipoint acoustic-phonetic analyses for under-described
languages. But these studies use corpora that were
purpose-built for acoustic analysis. The present study
applies state-of-the-art acoustic analysis techniques
to a more general language documentation corpus.
We present a preliminary comprehensive acoustic
description of the vowels /i e a u o ɔ/ in the Towet
dialect of the Papuan language Nungon. Duration,
fundamental frequency and formant measurements
(F1, F2 and F3) of the six phonological vowels in
word-initial, -medial, and -final contexts were
obtained. Results are compared with the description
of phonetics and phonology in the Nungon reference
grammar. In particular, the reference grammar’s
claim of a mid-back vowel /o/ with exceptionally low
F2 values is evaluated.
Keywords: Nungon, vowel, acoustics, Papuan,
fieldwork
1. INTRODUCTION
It is relatively uncommon for grammars of underdescribed languages to include detailed acousticphonetic analyses of the vowel systems of those
languages. Grammars traditionally include only
impressionistic descriptions of vowel articulation.
This absence of acoustic-phonetic description likely
stems from the traditional lack of focus on phonetics
in grammatical research [8]. Like reference
grammars, the audio corpora assembled during
primary linguistic fieldwork are not tailored to indepth acoustic analyses. They often involve relatively
few speakers, non-uniform numbers of tokens, and
relatively poor recording quality. However, recent
studies have shown that it is possible to apply
advanced, multi-point acoustic analysis techniques
(applied previously to English [e.g., 2]) to lesserdescribed languages. For example, Kashima et al. [5]
showed that data collected in the field on the underdescribed Papuan language Nambo was of sufficient

quality for the purposes of computational analyses.
This resulted in the first comprehensive acoustic
description of the vowel system of Nambo and helped
to substantiate the vowels’ phonemic status. But the
data used in Kashima et al. was still collected with a
primary goal of acoustic analysis, albeit in the field
[5].
In this study, we present a preliminary acoustic
analysis of the six phonological vowels in Nungon,
/i e a u o ɔ/, spoken by 4 speakers (2 female, 2 male),
using similar acoustic analysis methods to those
described by Kashima et al., but applying these to an
existing corpus of free narrative speech that was
originally created for the purpose of grammatical
analysis. Nungon (<yuw>) is a Papuan (nonAustronesian) language of the Finisterre-Huon family
spoken by 1,000 people in remote hamlets of the
Saruwaged Mountains, northeastern Papua New
Guinea (PNG). Nungon is actually the umbrella term
for four dialects of a dialect continuum, grouped
together based on morphosyntax and lexicon [11].
The best-described Nungon dialect is that of Towet
village. Towet Nungon is spoken in all spheres, with
limited use of Tok Pisin in some church sermons and
some public addresses. The first two years of
schooling are in Nungon only; subsequent schooling
is in Tok Pisin. Towet Nungon phonetics and
phonology are described in [12], but acoustic
measurements of vowels there are based on a limited
number of tokens spoken by a single speaker,
measured at vowel midpoint.
The description in [12] presents three intriguing
issues relating to Nungon vowels. First, the Nungon
vowel inventory is typologically unusual in having
more phonemic back vowels than front vowels. The
vowel plot in [12] is asymmetrical, with a gap in the
front of the vowel space corresponding to vowels in
the back. A primary aim of the current study is to
produce Nungon vowel plots using more
sophisticated acoustic sampling techniques.
Second, vowel length is claimed in [12] to be
contrastive, but the Nungon orthography (based on
the orthography created for a different dialect, Yau,
[13]) does not distinguish vowel length. Thus, another
aim of the present study is to evaluate the acoustic
correlates of claimed phonological vowel length.
Somewhat suspect in the Nungon vowel plot in
[12] is the middle back vowel /o/. This vowel is

apparently close in height in the vowel plane
(approximated by F1) to the highest back vowel /u/,
but is depicted as having an anomalously low F2
value, much lower than that of either /u/ or /o/.
Sarvasy [12] proposes that the extra-low F2 in this
vowel is due to extreme lip protrusion, which would
extend the oral cavity. The veracity of this low F2
could be questioned, however, based on the relatively
few tokens from the single speaker. Further, [13]
suggested that the vowel /o/ was the least commonly
used vowel in the closely-related language Yau. The
vowel’s infrequency compounds with occasional
speaker uncertainty in back vowel differentiation for
certain lexical items. That is, while the distinctions
between back vowels are vital to differentiate /oːhi/
‘ascend!’ from /ɔ:hi/ ‘descend!’ and /mɔro/ ‘large’
from /mɔru/ ‘fiber string,’ there is some variability in
judgments about back vowel distinctions in lessfrequently used words such as names of certain forest
plants, e.g. the shrub /gosɔndɔng/ (variant judgments
/gɔsɔndɔng/, /gosondɔng/, and /gɔsondɔng/). A third
aim, then, is to evaluate the phonological and acoustic
status of the back vowel /o/.
2. METHODS
2.1 Speakers

Speakers are: two women aged ~36 and ~26, and two
men aged ~26 and ~24. All grew up within the Towet
village community and are fluent in the Towet
Nungon dialect, but the older of the two women has a
parent from a different dialect community, and this is
reflected in her own speech, especially her frequent
use of final glottal stops in place of unreleased [k] (see
[12] for further details). The men are half-brothers,
sons of different wives of a polygamist; they grew up
in the same household. All speakers have familiarity
with other Nungon dialects and limited-to-moderate
knowledge of Tok Pisin. Of them, only the younger
female attended school; she left in sixth grade.
2.2 Recordings and transcriptions

Vowel acoustics were analysed based on tokens in
narratives recorded between September 2011 and
March 2013. As part of the comprehensive
documentation and description of Nungon grammar,
a corpus of 221 recorded and transcribed texts was
created. In most of these recordings, speakers
delivered monologues on themes of their own choice,
and were recorded in close range using the built-in
twin microphones of a Zoom H4N Handy audio
recorder, at a 44.1 kHz sampling rate, in WAV
format. One narrative each for the two women, two
long narratives for the younger man, and five short
narratives for the elder, served as source material.

These were digitally transcribed together with native
speakers in the field in 2011-2013. The transcriptions
were then searched for words that included the target
vowels in word-initial, word-medial and word-final
environments, and not adjacent to nasals. This last
stipulation was meant to reduce coarticulation effects,
and to accord with the practice in [12]. When these
words were checked with the corresponding
recordings, tokens with especially poor audio quality
were excluded. This yielded 692 vowel tokens for
analysis.
2.3 Acoustic analysis

For alignment at the utterance, word and phonetic
level, the Munich Automatic Segmentation System
(MAUS) was applied: first the transcriptions were
roughly aligned at utterance level and sent to
WebMAUS
[6]
for
grapheme-to-phoneme
conversion [10]; then the “language independent”
mode was applied for segmentation, since this mode
does not require any language training, yet still
delivers reasonable results [4, 7]. Later, the
segmentation by MAUS at phonetic level was
manually checked and adjusted, as there were a large
number of cases in which misalignment occurred.
In acoustic studies, it is common for
monophthongs to be measured at one static point in
time (typically the midpoint), whereas diphthongs are
measured at multiple time-points (usually 25%, 50%
and 75% of the vowel’s duration) in order to highlight
their dynamic nature. However, recent studies have
shown that formant trajectory measurements can also
be useful for characterizing monophthongs [e.g. 2, 3,
14]. In formant analysis, using averaged values over
multiple time-points could also be more reliable than
only using midpoint measurements, especially for
recordings with poor quality. Therefore, our acoustic
measurements were extracted using the same acoustic
analysis techniques as Williams & Escudero [14],
which was also used in Kashima et al.’s study of
Nambo [5]. First, vowel duration, fundamental
frequency and formant values were extracted at 30
evenly distributed points starting from the 20% point
to the 80% point of the vowel duration in Praat [1].
We then smoothed the series of formant values (or
trajectories) for each vowel, using discrete cosine
transforms in Matlab (DCTs, see [14] for a full
description). The formant values were further
averaged across the 30 time-points, then averaged
across speakers and different positions. The vowel
durations were also averaged across the four speakers
and different positions.

3. RESULTS
3.1. Formant measurements

Sarvasy [12] argued for a six-vowel inventory for
Towet Nungon. Indeed, our results show that the
Nungon vowels form six distinct groups in terms of
mean formant values. The average F1 and F2 values
we obtained, shown in the vowel plots in Figure 1, are
similar to those in [12]. In visual inspection of the
plots, the female vowel space appears more spread
out than that of the males. This difference, along with
an expected difference in F1, could be due to sexbased vocal tract differences. There is also speaker
variability in the formants for each group (5–94 Hz
for averaged F1 and 8–224 Hz for averaged F2), but
this variation is smaller than that between the two
genders (50–326 Hz for averaged F1, and 9–281 Hz
for averaged F2). Finally, the finding in [12] that the
mid-back vowel /o/ has the lowest mean F2 value of
all vowels seems to be confirmed in Figure 1,
although the plots here also show a fair amount of
inter-speaker variation.
Figure 1: Formant ellipses of the six vowels for female
(a) and male (b) speakers. Different speakers are shown
with grey vs. black ellipses.

Figure 2: Formant trajectories of the six vowels for
female (a) and male (b) speakers.

The formant trajectory plot implies that only /o/
and /ɔ/ are produced as steady state vowels. The rest
of the vowels appear to have some degree of
movement in either F1 or F2. Both men and women
produce /a/ with an initial increase in F1, immediately
followed by a decrease in F1; both groups also
produce /u/ with initial decrease in F2, followed by a
final increase; the final increase is more pronounced
for women than for men. Female and male trajectories
diverge most for the two front vowels. Women’s
production of /i/ and /e/ is characterized by an initial
increase in F2 before a decrease in F2. Men’s /i/ and
/e/ also show F2 movement, but rather a
unidirectional decrease.
3.2. Vowel duration

In Figure 1, the typologically unusual back vowelheavy asymmetrical array of vowels does mean a gap
in the lower front parts of both plots, though this is
smaller for the men. Our multi-point measurement
technique enables us to further expand on the basic
vowel plot in [12] with a description of formant
trajectories. Figure 2 shows the average formant
trajectories of the six Nungon vowels for the speakers
in the present study.

Sarvasy [12] argued for a phonological vowel length
distinction in Nungon based on groups of lexical
minimal pairs. Figure 3 confirms that the vowels
considered to be phonologically long and short indeed
group phonetically into separate clusters; male and
female speech are combined here. Note that only one
token of long /u/ served as the basis for Figure 3,
hence the absence of an error bar.
We performed two-sample t-tests for each
long/short vowel pairing. Durations of the
phonologically long and short tokens of the vowels
/o/, /a/, /e/, and /ɔ/ all differ significantly with p <1e−3
(d = 1.23-1.82). Long and short /u/ also differed
significantly in duration (p = 0.045, d = 2.10). For /i/,
the duration difference between phonologically long
and short tokens was less significant than for the other
vowels, at p < 0.159, d = 0.74.

Figure 3: Duration of long and short vowel tokens.

In all, the duration measurements and t-test results
further confirm the phonetic length differences
between phonologically long and short vowels.
Formant values for long and short vowels were
roughly the same, indicating that the distinction
between long and short vowels is in duration only.
3.3. Back vowel distinctions

Our third target area for investigation was the Nungon
back vowels. We performed two-sample t-tests for all
the Nungon back vowels to evaluate the significance
of differences in F1, F2, and F3 among the three back
vowels. For both women and men, all three formants
of /o/ and /ɔ/ differ significantly (p < 1e−3, d = 1.8715.66), and the same is the case with /ɔ/ compared
with /u/ (p < 1e−3, d = 2.94-9.55). For /o/ vs. /u/, F2
differed significantly (women, p = 0.019, d =1.58;
men, p < 1e−3, d = 1.99), however, the difference in
F1 was much less significant for women (p = 0.191,
d = 0.64) and not significant for men (p = 0.558, d =
0.12). Finally, the difference in F3 between /o/ and /u/
was significant for men (p = 0.006, d = 0.60), but not
for women (p = 0.401, d = 0.36).
The two-sample t-test results, along with the
vowel plots in Figures 1 and 2, indicate that the back
vowel tokens (/o/, /ɔ/ and /u/) indeed form separate F1
and F2 groupings.
4. DISCUSSION
Overall, our study offered more sophisticated,
acoustic-based support for the phonetic and
phonological description of the Nungon vowel
inventory in the Nungon reference grammar [12].
Measurements of F1 and F2 yielded six distinct
groupings corresponding to the six phonological
vowels (Figure 1). The average F1 and F2 values for
the six vowels are similar to those given in [12].
Further, duration data (Figure 3) and two-sample ttests confirmed that vowels thought to be
phonologically long and short form distinct duration
clusters. Finally, the contrasts among the three back
vowels were confirmed with two-sample t-tests.

A new contribution here is the measurement of
vowel trajectories (Figure 2). Our results indicate that
most of the Nungon vowels have more formant
movement than previously known. They also show
sex-based differences in front vowel trajectory
directions, and relative height of /a/. Given the small
number of speakers in the current study, trajectory
variation could be due to individual differences in
vocal tract size. Alternatively, they could stem from
the relatively uncontrolled nature of the environments
in which vowel tokens occurred; the only
environments that were excluded from the study were
vowel sequences or diphthongs, e.g. /ua/ and /ai/, and
adjacent nasals. Finally, the relatively poor quality of
recordings could mean imprecise formant detection
by Praat.
Our study further provided new insights into an
idiosyncrasy suggested by the reference grammar.
Sarvasy [12] described the mid-back vowel /o/ as
being produced with extremely-protruded lips, more
so than /u/, and took that to explain the low F2 values
of /o/. Without further articulatory data, we cannot
confirm this here. However, we do show here that
there are significant differences in F2 between /o/ and
the other two back vowels for speakers of both sexes.
5. CONCLUSION
In this study we used a corpus of free speech audio
recordings of variable quality, created for
documentation and description of the Nungon
language, as the basis for multi-point vowel acoustic
analysis. Results support the Nungon reference
grammar’s analysis of the vowel inventory as
including six vowels with additional contrastive
vowel length, and also confirm the grammar’s midback vowel /o/ with lower F2 value than /u/ and /ɔ/.
We further contributed new data on vowel
trajectories, showing that these vowels are less steady
state than originally assumed.
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ABSTRACT

deed, most forced aligners for majority languages
like English have been trained on hundreds or even
thousands of hours of transcribed data—resources
which will likely never be available for most minority languages.
How, then, can forced alignment be exploited for
under-documented languages? One approach is to
apply models trained on majority languages (e.g.
English) to the target language (‘cross-language
forced alignment’, CLFA). This approach raises several challenges. First, the researchers must decide
which existing language model should be used for
alignment. Second, researchers must decide how to
map the phones of the target language to phones in
the majority language which the alignment model
was trained on. Given the high researcher degree
of freedom involved, it is perhaps unsurprising that
the overall performance of CLFA varies considerably across studies and parameters [5, 11–13, 16].
A different approach is to train a model directly
on the target language, using existing transcriptions (language-specific forced alignment, LSFA).
This approach has been especially facilitated by
two forced aligners: the Prosodylab-Aligner (PLA)
[8], and the Montreal Forced Aligner (MFA) [14].
PLA in particular has been used to produce timealigned transcriptions for a number of minority languages [11]. This approach has advantages over
CLFA: there are fewer researcher degrees of freedom; language-specific alignment models produce
better alignment quality; and models can be further
refined as more data is collected and transcribed.
Nonetheless, LSFA does not overcome the central
problem that large sets of transcribed recordings are
simply unavailable for most languages.
In this study, we employed a method which uses
LSFA to train alignment models on mixed data from
two phonetically-similar and genetically-related languages. This approach combines strengths of both
CLFA and LSFA: we harness data from a nontarget language (henceforth NTL) to improve alignment, but we train a model for the target language
(henceforth TL) specifically, which can be updated

Forced alignment, a technique for aligning segmentlevel annotations with audio recordings, is a valuable tool for phonetic analysis. While forced alignment has great promise for phonetic fieldwork and
language documentation, training a functional, custom forced alignment model requires at least several hours of accurately transcribed audio in the target language—something which is not always available in language documentation contexts. We explore a technique for model training which sidesteps
this limitation by pooling smaller quantities of data
from genetically-related languages to train a forced
aligner. Using data from two Mayan languages,
we show that this technique produces an effective
forced alignment system even with relatively small
amounts of data. We also discuss factors which affect the accuracy of training on mixed data sets of
this type, and provide some recommendations about
how to balance data from pooled languages.
Keywords: forced alignment, field phonetics, small
data, representativeness, Mayan languages
1. INTRODUCTION
The transcription and annotation of field recordings
pose major logistical challenges for phonetic fieldwork. The effort required to annotate many hours
of acoustic data can be prohibitive, and as a result
fieldworkers often collect far more data than they
ever fully annotate or transcribe. The recent development of accessible forced alignment tools for
linguistics has helped reduce the severity of this
problem. Forced alignment is a computational technique which can be used to semi-automatically timealign phonetic transcriptions with associated audio
recordings, at both the word and phone levels [11].
Though extremely promising, forced alignment is
not always practical for languages which are relatively under-documented [5]. Training an accurate
forced alignment model typically requires at least
several hours of recorded and transcribed data. In-
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as more data is collected. We illustrate this approach
with two languages from the K’ichean branch of the
Mayan family, Kaqchikel and Uspanteko [3]. Previous work suggests that alignment models trained
on multiple languages improve when the languages
in the training set are genetically similar [9]. Using
genetically similar languages also simplifies the process of mapping phones between languages [5], as
Kaqchikel and Uspanteko have very similar phonological and phonetic inventories.

2.2. Manipulation: Sample size

We manipulated the amount of TL and NTL data in
the input to model training by varying the number
of phones included from each language (= 0, 500,
1000, 2000, 4000, or 8000 phones).
2.3. Manipulation: Sampling with representativeness

We define the ‘representativeness’ of an NTL sample in this study as how closely that NTL sample
matches the distribution of phones in the TL training data. In addition to random sampling of data at
different phone counts (Exp. 1), we considered how
alignment is affected when samples of the NTL data
are most representative (closest to the TL), and least
representative (furthest from the TL).
We determined the representativeness of each
NTL sample with a measure known as tf-idf [10].
Our NTL and TL data is composed of sets of . WAV
files and transcriptions corresponding roughly to utterances. For each phone Px in an NTL or TL utterance, we computed the normalized frequency of that
phone relative to that utterance (tf = raw frequency
of Px in the utterance / total # of phones in the utterance). We then computed how evenly distributed
that phone is within the sample (idf = loge (total # of
utterances / # of TL utterances containing Px )). Intuitively, the product tf ×idf then expresses how ‘important’ a given phone is within a particular sample,
balancing frequency with dispersedness.
Each utterance in a sample can then be expressed
as a vector of tf ×idf values reflecting the phones
it contains. To compute the representativeness of
each NTL utterance, we computed the cosine similarity between that utterance and all of the TL utterances included in that experiment. The average
cosine similarity of an NTL sample then expresses
its representativeness relative to the TL data.

We focus on two issues here. First, we explore
in detail how additional NTL data might benefit the
alignment of a TL, and consider the limitations of
this approach. Second, we ask whether the kind
of NTL data used for model training might affect
how well the model ultimately aligns TL data. We
investigate these questions by manipulating (i) the
amount of TL and NTL data used to train alignment
models (Exp. 1), and (ii) the representativeness of
NTL data used in model training (Exp. 2).
2. METHOD
We used the MFA forced aligner (v1) for this study
because it has some advantages over PLA, e.g. using triphone windows to capture context-dependent
acoustic variability for each phone. The PLA aligner
should also produce similar results, as it shares an
underlying architecture with the MFA aligner.
All of the default MFA parameters were used in
this study. Preliminary testing showed that training
speaker-specific alignment models with MFA consistently improved alignment quality [15, 18]. To
ensure the robustness of our results, for each model
specification, five sets of training data were generated by random sampling from our full data set. The
results from the five models were then averaged.
2.1. Acoustic and alignment data

2.4. Pronunciation data

Our target language (TL) was Kaqchikel, and
our non-target language (NTL) Uspanteko. The
Kaqchikel data consists of spontaneous monologues
from 16 speakers, recorded in Sololá, Guatemala in
2013. These recordings include ∼32,000 phones.
A random subset of these (∼4,500 phones, drawn
roughly equally from all 16 speakers) was aligned
using the PLA and then hand-corrected. These handcorrected alignments serve as the gold-standard to
which we compare the alignments generated by our
alignment models. The Uspanteko data consists of
sentences elicited from 10 speakers in 2017. These
recordings include ∼13,000 phones.

Kaqchikel and Uspanteko have very shallow orthographic systems, which makes it straightforward
to convert orthographic transcriptions to phonetic
form. Two custom grapheme-to-phone converters
were used to create pronunciation dictionaries for
each language, taking into account some allophonic
detail. In both languages, plain stops are aspirated
word finally, and vowel initial words undergo initial glottal stop insertion [1, 4, 6]. Glottalized stops
are contrastive: implosive /á/ varies phonetically
between [á P w], and /P/ is sometimes deleted. In
Kaqchikel, sonorants also devoice in coda position.
These patterns of allophony and variability were in-
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cluded in the dictionary entries used for alignment.

Table 1: Average error in onset boundary placement (in ms) relative to gold-standard annotations,
for different amounts of NTL+TL training data,
averaged across 5 samples in each cell.

Phonetically, the two languages differ mainly in
their vowel inventories (though Uspanteko also permits a wider range of consonant clusters). Vowels
in Uspanteko include long and short /aeiou/, and
contrast for tone [2]. Vowels in Kaqchikel include
tense /aeiou/ and lax /@EIOU/, and do not contrast
for tone. In unstressed syllables, only short vowels (Uspanteko) and tense vowels (Kaqchikel) occur. In stressed syllables, there are parallel contrasts
which reflect the historical relatedness of these languages [3]: long vowels (Uspanteko) correspond to
tense vowels (Kaqchikel), and short vowels corre>
>
spond to lax vowels (e.g. ["tSá:X]∼["tSaX] ‘ash’ and
>
>
["tSaX]∼["tS@X] ‘pine’). Based on these correspondences, we formulated three mapping rules to convert Uspanteko words (NTL) into pseudo-Kaqchikel
forms (TL): (i) the tonal contrast is ignored; (ii) in
stressed syllables, long and short vowels in Uspanteko are mapped to tense and lax vowels, respectively; (iii) in unstressed syllables, short vowels in
Uspanteko are mapped to tense vowels.

TL

0

500

1000

2000

4000

8000

215
150
72
49
42

190
116
76
59
40
35

118
60
44
37
37
35

39
37
37
32
31
32

32
33
31
31
31
29

31
31
29
28
30
27

NTL
0
500
1000
2000
4000
8000

3.1.2. Accuracy thresholds
Table 2 shows the percentage of alignments accurate
within two tolerances (error size <20ms, <30ms)
for different combinations of TL and NTL training
data. (For reference, inter-annotator agreement on
hand-aligned data is about 80% within a 20ms tolerance, [5, 11].) Some of the findings shown in Table
2 differ from what was suggested by average error
rates in Table 1. Here, the positive effect of adding
NTL phones levels out around 8000 total phones
rather than 4000, with accuracies of about 72% for a
<20ms error threshold, and 82% at <30ms.

3. RESULTS

Table 2: % accurate alignment relative to goldstandard annotations at different tolerances (20ms,
30ms), for different amounts of NTL+TL training
data, averaged across 5 samples in each cell.

We computed errors relative to our hand-corrected
standard for the onset boundaries of each phone, as
predicted by each model. The results were similar when using phone offsets instead, because phone
offsets are usually also the onset of the next phone.

Tolerance < 20ms
TL
NTL
0
500
1000
2000
4000
8000

3.1. Experiment 1: Sample size

3.1.1. Average error

0

500

1000

2000

4000

8000

13.7%
22.7%
44.2%
56.4%
62.4%

15.0%
33.0%
45.5%
54.6%
64.4%
66.9%

27.5%
49.7%
60.4%
62.4%
65.1%
67.2%

63.2%
63.7%
62.1%
68.4%
70.2%
71.0%

68.3%
68.2%
71.4%
70.8%
72.3%
72.4%

71.7%
72.5%
73.3%
73.1%
73.9%
73.7%

Tolerance < 30ms

Table 1 shows the average error size (in ms) with different sizes and proportions of TL and NTL training
data. Adding NTL data clearly improves alignment
of the TL, under at least some conditions. When
there are zero TL phones in the training data (first
column), there is a steady reduction in average error from 500 phones (215ms) all the way to 8000
phones (42ms) of NTL data. However, the positive
effect of adding NTL phones diminishes after about
3000-4000 total input phones (in any proportion of
NTL:TL). Lastly, NTL phones do not contribute as
much to alignment quality as TL phones. By comparing equivalent cells along the diagonal, the cells
at the top right are consistently lower than those at
the bottom left. This demonstrates that adding NTL
data leads to a smaller increase in alignment quality
than adding TL data to the training input.

TL
NTL
0
500
1000
2000
4000
8000

0

500

1000

2000

4000

8000

18.8%
31.2%
57.0%
68.7%
73.4%

21.8%
43.2%
57.7%
67.4%
75.9%
78.2%

38.6%
62.2%
72.5%
76.2%
77.4%
78.7%

75.8%
76.2%
76.1%
79.6%
81.1%
80.9%

79.5%
80.1%
82.0%
81.3%
82.2%
82.7%

82.5%
82.6%
83.8%
83.3%
83.2%
83.7%

3.2. Experiment 2: Representativeness

3.2.1. Average error
Table 3 shows the average alignment error (in ms)
for different combinations of TL and NTL data, as
the representativeness of NTL data varies. Cell values are differences in mean alignment error between
most and least representative samples: positive val-
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ues indicate an advantage for models using less representative NTL samples, while negative values indicate an advantage for more representative samples.
The results suggest that sampling less representative NTL data yields a better model than sampling
more representative NTL data. However, this sampling effect diminishes and (again) levels out for
models with at least 4000 total phones.

Table 4: Differences (MOST- LEAST representative) for % accurate alignment relative to goldstandard annotations at different tolerances (20ms,
30ms), for different amounts of NTL+TL training
data, averaged across 5 samples in each cell.
Tolerance < 20ms
TL
NTL
500
1000
2000
4000
8000

Table 3: Differences (MOST- LEAST representative) for average error in onset boundary placement (in ms) relative to gold-standard annotations,
for different amounts of NTL+TL training data,
averaged across 5 samples in each cell.
TL
NTL
500
1000
2000
4000
8000

500

1000

2000

4000

8000

0.70%
-11.48%
-11.68%
-8.00%
-7.55%

1.22%
-4.54%
-2.02%
-5.38%
-7.14%

-6.06%
-4.03%
-4.71%
-8.20%
-5.12%

-0.56%
-4.97%
-2.06%
-4.68%
-6.32%

-1.79%
-0.52%
-5.04%
-4.20%
-5.38%

Tolerance < 30ms

500
27
47
18
12
2

1000
5
17
-4
7
3

2000
4
8
1
0
1

4000
-2
2
0
-1
1

TL

8000
NTL
500
1000
2000
4000
8000

-1
-2
2
2
0

500

1000

2000

4000

8000

-0.24%
-13.94%
-12.33%
-7.76%
-6.50%

1.25%
-5.51%
-0.61%
-5.81%
-5.48%

-5.06%
-4.00%
-3.43%
-5.35%
-4.12%

-0.57%
-3.14%
-2.44%
-3.02%
-4.05%

-1.10%
-0.24%
-2.94%
-2.60%
-3.52%

sults suggest some cut-off points for the usefulness
of NTL data, which could provide ballpark figures
for the minimum amount of data needed to produce
usable forced alignment models (e.g. at least 8000
phones). Crucially, fairly good alignments are produced at these cut-off points, with levelled-off accuracy values of 72% for a tolerance of 20ms, and 82%
for 30ms. These values are comparable to models
trained on thousands of hours of recordings: for instance, an MFA aligner trained on 1000 hours of English data [14] aligned the Phonsay corpus with 72%
accuracy within 25ms error. Still, the amount of
data needed to train a minimal working aligner may
be language-dependent, e.g. the EasyAlign aligner
needs different amounts of training data to produce
accurate models for French vs. Taiwan Min [7].
Exp. 2 found that the representativeness of NTL
data affects alignment quality: less representative
samples provide greater model improvement. We
speculate that less-representative NTL samples increase the diversity of phones and phone sequences
in the training data, leading to greater balance in the
number of tokens of each phone/sequence, and thus
improving alignment. In future work we will investigate whether the alignment of some phones (e.g.
rare phones) benefits more from the addition of less
representative NTL data. More generally, these results suggest that researchers can improve the quality of alignment by carefully selecting the kind of
NTL data included during model training.1

3.2.2. Accuracy thresholds
Table 4 shows differences for the percentage of
alignments accurate within two tolerances (<20ms,
<30ms), when comparing models using more representative NTL data to those using less representative NTL data. Here, negative values indicate an
advantage for models using less representative NTL
samples. Unlike the results based on average error
size, the effect of representativeness persists across
most combinations of TL and NTL data. Even at
16,000 total phones (8000 TL and 8000 NTL), using
less representative NTL data still provides at least a
∼3.5% increase in accuracy across tolerances.
4. CONCLUSION
We have shown that combining two geneticallysimilar languages as the input to model training can
improve the quality of forced alignment for at least
one of those languages, even with a rather small
amount of data. This has implications for work on
endangered languages: as long as a suitable amount
of NTL data is available, it can be leveraged to improve the alignment of TL data. This could be useful
in any scenario where the amount of TL data is limited, e.g. the early stages of data collection, or even
cases when the TL is no longer spoken. In future
work we intend to explore whether this method can
be extended to languages which have similar segmental phonologies, but which are not genetically
related (e.g. Kaqchikel and Quechua [17]).
Exp. 1 found diminishing returns for the addition of NTL data during model training. Our re-
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ABSTRACT

ing target-like French /u/. However, production errors may be caused by several articulatory mechanisms: both tongue fronting and lip unrounding will
raise F2 values and cause English learners to produce non-target like French /u/. This study uses articulatory and acoustic data from 6 L1 English L2
French learners and 1 L1 French speaker to show
that tongue position is responsible for production
errors. Articulatory data also reveals that learners
are not using L1 articulatory strategies to produce
L2 phones. Additionally, while new phones /y/ and
/ø/ have target-like acoustic values, articulation remains non-target like, suggesting learners are trying
to reach an acoustic rather than articulatory target
for vowels.

This study uses Ultrasound Tongue Imaging and
acoustic data to investigate the articulatory strategies used by L1 English L2 French learners to produce round vowels. It has been suggested that
learners have more difficulty producing L2 phones
that are ‘similar’ to L1 phones than L2 phones that
are completely ‘new’ because learners use L1 categories to produce L2 phones [6], [10]. However,
this claim is based solely on acoustic data. To this
end, the present study records learners’ articulatory
strategies using Ultrasound during the production of
French round vowels /y, u, ø, o/ compared English
/u, o/. Results show that learners do not, in fact,
use L1 articulatory strategies to produce L2 phones.
Additionally, articulatory data show that learners
still have difficulty producing target-like tongue positions for new phones, despite having target-like
acoustic productions, which may suggest that nonnative vowels have an acoustic rather than an articulatory target.

1.1. Background

Models of L2 category formation have traditionally
emphasized the role of the L1 phonological system
in shaping perception and production of L2 phones
[7], [2]. The Speech Learning Model (SLM) makes
explicit predictions about how an L2 phone will be
produced based on a learner’s L1 system. SLM
states that L1 and L2 phonological systems exist
in the same phonetic space, and therefore production of an L2 phone will depend on how this phone
compares to phones in the learner’s L1 [7]. If an
L2 phone is perceived as similar to an L1 category,
SLM predicts that the L2 phone will be produced as
if it were an L1 phone. If an L2 phone is perceived
as completely different from an L1 category, then
a new category is formed for the L2 phone. Under
this assumption, the production of L2 phones will be
based on how speakers produce L1 phones. This has
been supported with acoustic data, showing that L1
English L2 French learners are more accurate producing the new French phone /y/ than the similar
French phones /u/ and /t/, presumably because the
speakers were producing /u/ and /t/ as if they were
L1 phones [6]. Similarly, it has been found that
L1 Japanese L2 French speakers were more accurate at producing French /y/ and /ø/ than /u/, which
is phonologically similar but phonetically different
from Japanese /u/ [10].
Importantly, the claims for SLM have been sup-

Keywords: Articulatory Phonetics, Speech Production, L2 Phonology
1. INTRODUCTION
This study uses Ultrasound Tongue Imaging and
acoustic data to explore how L1 English L2 French
learners produce phones that are phonetically and
phonologically ‘new’ compared to phones that are
phonetically ‘new’ but phonologically ‘similar’ to
L1 phones. It is well documented, from both production and perception data, that L1 English learners of French have difficulty acquiring the difference between French front round and back round
vowels [6], [4], [11]. Production data has largely
been acoustic, and shows that L1 English learners
have more difficulty producing target-like French /u/
than target-like /y/ [6]. These results have been argued to support Equivalence Classification, which
predicts that learners classify L2 phones by L1 categories, and will therefore produce an L2 phone as
if it were an L1 phone if the two are perceived as
‘similar’. Because English /u/ has a higher F2 value
than French /u/, learners may have difficulty produc-
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tongue contours were taken at the maximum point of
constriction, and for each vowel, 100 points were extracted along the contour in Edgetrak [12]. Tongue
contours were compared using SSANOVA. Smoothing Spline curves were generated for the tongue contours of each vowel for each speaker in order to compare within speaker tongue position. The smoothing
splines represent the averages for 5 vowel tokens of
each vowel, and distance is measured in pixels from
coordinates in EdgeTrak [12]. Bayesian 95% confidence intervals are represented by dotted lines in the
curves, and any point where the dotted lines do not
overlap represent points where tongue positions are
significantly different. For more on SSANOVA, see
[5].

ported with acoustic data, and the articulatory strategies used in L2 production of new and similar
phones is not yet clear. Learners appear to be
acoustically more accurate producing new L2 categories than similar L2 phones, but it is not apparent that new phones are articulatorily target-like, or
that learners are using L1 articulations to produce
L2 phones. The present study will compare learner
articulations of L2 phones to native-speaker productions in order to see how new and similar phones are
articulated. Additionally, learners productions of L2
phones will be compared to L1 phone production to
explore whether learners are using L1 articulatory
strategies to produce L2 phones.
2. METHODOLOGY

3. RESULTS
6 L2 French speakers (EN02-EN07), who are currently enrolled in Intermediate 2 or Advanced Intermediate French courses and are native English
speakers, completed a production task. One L1
French speaker (FR01) also completed the production task. All speakers are female between the ages
of 18-27.
Each participant read a word list in French and in
English. The present study analyses 5 tokens of each
target vowel /i, y, u, e, ø, o/ in French, and /i, u, e, o/
in English, totaling in 30 French tokens and 20 English tokens per speaker. Each vowel was balanced
for consonantal context across the two languages as
much as possible.
Participants were prompted to read the word presented on a computer monitor using AAA [1]. Participants wore a stabilizing headset attached to a
video camera to capture lip protrusion, and an ultrasound probe positioned below the speaker’s jaw
to record midsagittal tongue positions. Articulatory
data were recorded in AAA [1]. Acoustic recordings were made using an AKG C544L headset microphone and a Marantz PMD661 recorder.
Acoustic data were analyzed in Praat, and F1 and
F2 were calculated at the mid-point of each vowel
[3]. It has been found that the contrast between the
French front round and back round vowels is largely
distinguished along the F2 dimension, so F2 values
are compared for the present study [8]. Formant
measurements were normalized using the Lobanov
method.
Following [9], protrusion was measured by the
horizontal distance between the corners of the mouth
and the vertical distance between the upper and
lower lips at the maximum point of constriction.
Distances were measured in Inkscape and converted
from pixels to millimeters. Finally, still frames of

3.1. Acoustic results

Acoustic results partially confirm earlier findings
that new phones tend to be target-like, while similar
phones tend to be non-target like. A t-test was run to
compare each learner’s normalized F2 values of /y/,
/ø/, /u/, and /o/ to the native speaker’s. Results show
that 5 out of 6 learners did not produce a significant
difference in /y/ compared to the native speaker (the
exception was EN06, p=.0495), and 5 out of 6 learners did not produce /ø/ differently from the native
speaker (exception was EN04, p=.015). For the similar phones /u/ and /o/, results differ depending on
vowel height. 4 out of 6 learners produced a difference in the F2 value for /u/ from the native speaker,
while no speakers produced a difference in the F2
value of /o/ from the native speaker. The results of
the t-test for the back vowels are presented in Table
1.
Table 1: Normalized back vowel F2 values: comparing learners to FR01 (n=5)

FR01
EN02
EN03
EN04
EN05
EN06
EN07

/u/ Mean (p-value)
-1.55
-.795 (.056*)
-.31 (.014*)
-.93 (.263)
-.67 (.017*)
-.662 (.0008*)
-1.07 (.078)

/o/ Mean (p-value)
-1.33
-1.183 (.4)
-.907 (.069)
-1.374 (.757)
-1.154 (.659)
-.749 (.06)
-1.25 (.592)

3.2. Articulatory results

Articulatory results indicate that tongue position is
responsible for the non-target like production of
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SSANOVA results show that for the high vowels,
there are two patterns for the learners’ tongue positions. The first group includes EN04 and EN07, who
produced acoustically target-like French /y/ and /u/.
These learners produce /y/ with a similar tongue position to /i/, as does the native speaker. /u/ does not
overlap with /y/ or /u/ for these learners. The second group includes EN02, EN03, EN05, and EN06,
who did not produce French /u/ acoustically targetlike. SSANOVAs for this group reveal that French
/u/ tends to have a fronted tongue position closer to
/y/ (see Figure 2 for example). Additionally, /y/ does
not overlap with /i/, showing that even though these
learners produce target-like acoustic values for /y/,
this new phone is still not articulatorily target-like.

French /u/ vowels. Four one-way ANOVA tests
were performed for each speaker to see if degree
of lip opening is different for each vowel within
each speaker; one ANOVA looked at the interaction between high vowels and horizontal distance
of lip opening, one ANOVA looked at the interaction between high vowels and vertical distance of
lip opening, one ANVOA looked at the interaction
between mid vowels and horizontal distance, and
one ANOVA looked at the interaction of mid vowels and vertical distance. All English and French
mid vowels were included in two ANOVAs together,
and all English and French vowels were included in
the other two ANOVAS. The results of the ANOVAs
for the high vowels show a significant difference in
degree of opening for the vowel categories for all
the learners and the native speaker (p<.001). The
ANOVAs for the mid vowels also show a significant
difference in degree of opening for the vowel categories for every speaker (p<.001). A post-hoc Tukey
HSD test was run for each speaker to see which vowels had significantly different degrees of lip rounding. For the high vowels, the post-hoc test reveals
that the native speaker (FR01) and all the learners
round French /y/ and /u/ similarly. All speakers
rounded /y/ and /u/ significantly more than /i/. Additionally, learners round French /u/ to the same degree as English /u/.

Figure 2: EN05 French high vowel tongue contours (mm)

A post-hoc Tukey HSD for mid vowels shows that
the native speaker rounds /ø/ and /o/ similarly, while
/e/ is less round. For 4 out of 6 learners (EN03,
EN04, EN05, EN06), French /o/ is more round than
/ø/. These results can be seen for EN04 in Figure 1
(note that the symbol ‘oi’ stands for the IPA character /ø/). Turning to cross-language results, the Tukey

For the mid vowels, results from the SSANOVA
also reveal that the new phone /ø/ is not produced
with an articulatorily accurate position by 4 out of 6
learners. EN03, EN05, EN06, and EN07 tend produce /ø/ further back than /e/ (see Figure 3 for example).

Figure 1: EN04 mid vowel degree of lip rounding
opening (mm)

Figure 3: EN05 French mid vowel tongue contours (mm)

HSD test reveals that 3 out of 6 learners (EN02,
EN03, EN04) are rounding the French round vowels
/ø/ and /o/ more than the English mid round vowel
/o/.

The cross-language results comparing learners’
productions of the French round vowels to the English round vowels show that most learners do not
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is only revealed when considering the articulatory
data. This result may suggest that learners are trying
to reach an acoustic rather than articulatory target in
their L2 vowel productions.
The second goal of this study was to determine if
learners use L1 phoneme categories to produce L2
phones. It has been suggested that learners have difficulty producing L2 phones that are phonologically
similar but phonetically different from L1 phones
[6], [10]. Equivalence classification predicts that
learners will use L1 categories to produce L2 phones
that are similar, which can lead to production errors [7]. However, at least half of the learners in
the present study do not use L1 articulatory strategies to produce L2 phones. For the high vowels,
learners tend to produce French /u/ with a different
tongue position than English /u/. For the mid vowels, both lip rounding and tongue position are different for French and English /o/. These results suggest
that some learners do not reuse L1 articulatory categories in L2 production.
Other factors not considered in this study may
have contributed to the non-target like production
of the new phones, including age of acquisition and
exposure to other languages, amongst other individual differences. Further study is recommended
to investigate how these factors may have impacted
learner productions. Additionally, the inclusion of
more than one native speaker’s data may bring to
light variation in native speaker productions.

use L1 tongue positions to produce L2 phones. 2
out of 6 learners have overlap along the curve for
French /u/ and English /u/ (EN03 and EN07). 3
out of 6 learners have overlapped tongue positions
for French /o/ and English /o/ (EN02, EN05, and
EN06). See Figure 4 for example of non-overlapped
high vowels.
Figure 4: EN02 French and English /u/ tongue
contours (mm)

4. DISCUSSION
This study investigates whether new phones are easier to acquire than similar phones by examining both
acoustic and articulatory data. Previous research using acoustic measures has shown that new phones
tend to be more target-like than similar phones [6],
[10]. The acoustic results of the present study support these findings in that L1 English L2 French
speakers are more target-like in productions of /y/
and /ø/ than French /u/. However, L1 English speakers are accurate producing French /o/. This may be
because English /o/ is acoustically more similar to
French /o/ in some dialects of American English,
whereas English /u/ tends to have a higher F2 value
than French /u/.
However, articulatory data suggests that many
learners remain non-target like in their production
of new phones. For the high front round vowel
/y/, 4 out of 6 learners did not have a comparable
amount of overlap with the front vowel /i/ to the native speaker. This shows that learners are not using
the same articulatory strategies as native speakers in
production of new phones. For the mid front round
vowel /ø/ learners tend to have a non-target like lip
rounding position and tongue position. 4 out of 6
learners did not round the new phone /ø/ as much
as French /o/, and for tongue position, 4 out of 6
learners produced /ø/ further back than /e/. 5 out
of 6 learners produced /ø/ with a target-like acoustic
value, and the non-target like nature of these vowels

5. CONCLUSION
This study investigates the articulatory strategies
used by L2 French learners to produce mid and
high vowels in order to see how phonetically and
phonologically new L2 phones are produced compared to phonetically new but phonologically similar L2 phones. Acoustic results show that learners
are target-like in productions of the new L2 phones
/y/ and /ø/, and are non-target like in productions
of the phonetically new but phonologically similar
L2 phone /u/. Despite the acoustic accuracy, learners tend to be non-target like in articulatory production of new French phones, which may provide evidence that vowels have an acoustic target for learners. The second goal of this study was to see if
learners use L1 articulatory strategies to produce L2
phones. Half of the learners included in the present
study did not use the same articulatory strategies to
produce French and English /u/ and /o/. These results have implications for L2 category formation,
and bring into question whether L1 and L2 phonetic
systems exist in the same phonological space.
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ABSTRACT
Arabic maintains a phonemic contrast between
plain /t s/ and pharyngealized coronals /tˤ sˤ/, which
are produced with a retracted tongue root. This study
investigates whether coarticulatory pharyngealization
in plain coronals is gradient or categorical and
affected by the system of phonemic contrast. Midsagittal ultrasound images of the tongue were
collected from 15 native speakers.
Results show that coarticulation is categorical on
/t s/ and suggest a phonological merger of
coarticulated /s/ with phonemically pharyngealized
/sˤ/ whereas /t/ exhibits minimal (or no)
coarticulation. However, coarticulation is more
gradient in coronal /n l/ which do not have a
pharyngealization
contrast
because
their
coarticulatory pharyngeal gesture is less extreme than
in phonemic pharyngealization but more extreme
than in the plain context. Phonemic contrast does not
impede coarticulation because coronals which are
contrastive for pharyngealization, /t s/, exhibit similar
degrees of sensitivity to coarticulation as coronals
that are not contrastive for pharyngealization, /n l/.
Keywords: Gradience. Coarticulation. Ultrasound.
Pharyngealization. Phonemic contrast. Arabic.

impede coarticulatory effects from adjacent vowels
[7]. The present study addresses Manuel’s output
constraints hypothesis in relation to C-to-C
coarticulation of pharyngealization.
Arabic maintains a phonemic contrast between
plain /t s/ and pharyngealized coronals /tˤ sˤ/. The
coarticulatory effect of pharyngealization, which has
been studied extensively on vowels, can spread as far
as word boundaries [4]. Phonemic pharyngealization
is associated with lowering of the tongue body and
retraction of the tongue root towards the pharynx [1,
8] or, as Zawaydeh [19] suggested, the retraction of
both the root and dorsum. Other consonants whose
lingual articulatory demands do not intervene with the
pharyngeal gesture such as labials can be
coarticulatorily pharyngealized by retracting the
tongue root [2].
The purpose of this study is twofold: 1) to
investigate whether coarticulatory pharyngealization
is gradient or categorical by comparing plain and
phonemically pharyngealized coronals both in plain
and pharyngealized contexts; and 2) to address the
role of phoneme contrast in coarticulation by
examining coarticulation sensitivity of coronals,
which can be phonemically pharyngealized in
relation to other coronals that cannot.
2. EXPERIMENT I: CATEGORICALITY OF
COARTICULATION

1. INTRODUCTION
Coarticulation is influenced by several phonological,
prosodic and phonetic factors. Phonological factors
such as the density of a language phoneme inventory
and phone contrast may contribute to the degree of a
segment’s sensitivity to coarticulation. According to
Manuel [9-12], “output constraints” which determine
the sensitivity of a segment to phonetic variability are
affected by language-specific systems of phonetic
contrasts. Results on the effect of contrast are not
conclusive. Some studies found a link between
Manuel’s constraints and segments’ sensitivity to
coarticulation. For example, the magnitude of V-to-V
coarticulation is greater in English, which has a dense
vowel space, than in Shona and Swahili [13]. Other
studies, however, such as [3, 5, 16] reported no effect
of the size of the phonetic space on coarticulation
across languages. For example, the Russian contrast
between plain and palatalized trills /r rʲ/ does not
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The first part of the study addresses whether
coarticulatory pharyngealization is a gradient
phonetic process or a categorical phonological one. In
order to achieve this, the study examines the extent of
the tongue root retraction or advancement in four
types of phones: plain coronals in plain and in
pharyngealized phonetic contexts and phonemically
pharyngealized coronals in similar contexts.
2.1. Stimuli
The wordlist consists of quadruples of words (N= 24)
where the word-initial target coronal /t s tˤ sˤ/
conforms to the conditions illustrated in Table 1. The
context consonant, which is either plain or
pharyngealized, is separated from the target
consonant by the vowel [a] or [aː].

Table 1: Target conditions of word quadruples.

Condition
Plain
Coarticulatory
pharyngealization
Phonemic
pharyngealization
Double
pharyngealization

Target C Context
C
Plain
Plain
Plain

Pharyn

Pharyn

Plain

Pharyn

Pharyn

2.3. Results

Example
/tatliːf/
‘ruining’
/tatˤfiːf/
‘cheating’
/tˤafiːf/
‘shallow’
/qetˤatˤ/
‘cats’

It was hypothesized that if the magnitude of the
pharyngeal
gesture
in
coarticulatory
pharyngealization is similar to phonemic
pharyngealization, this would be suggestive of a
synchronic phonological merger. Otherwise, if the
tongue root is retracted to varying degrees across
these four conditions, the effect is interpreted as a
gradient phonetic process. Also, if phonemically
pharyngealized coronals in pharyngealized context
undergo a greater retraction than in plain context,
there is an additive effect of coarticulation on
pharyngealized consonants.
2.2. Procedures
Data were collected from 15 native speakers of
Eastern Peninsular Arabic (5 females and 10 males,
age: M= 28.6 years, SD= 9) while reading the
randomized target words embedded in a frame
sentence. The sentence does not include any guttural
consonants. Mid-sagittal ultrasound images were
generated at 60 fps using Terason t3000 operating
Ultraspeech 1.2 [6] and using a micro-convex array
transducer (8MC4 4-8 MHz). The probe was
stabilized using an Articulate Instrument headset
[18]. For all stop consonants, the ultrasound frames at
mid-closure and release were selected, and for nonstop consonants, frames at three equidistant time
points (at 25, 50 and 75% of consonant duration) were
selected. However, only the frames at mid-stop
closure and mid consonant for non-stops are
presented here. Tongue contours were traced
manually using Palatoglossatron.
Each speaker’s tongue contours were rotated to
make the occlusal plane horizontal. Following Mielke
[14], Smoothing-Spline ANOVAs were computed in
polar coordinates using R’s ‘gss’ package and plots
were generated in Cartesian coordinates. Each SSANOVA plot presented here is for an individual
speaker whose results are representative of the
majority of speakers in terms of the direction of
difference between tongue splines.
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The tongue root position of /s/ and /sˤ/ is different
from /t/ and /tˤ/, respectively, with /s sˤ/ produced with
more retracted root than /t tˤ/. Therefore, in this
section, the analysis of /s sˤ/ is performed separately
from /t tˤ/. Coarticulation can be considered
categorical because coarticulatorily pharyngealized
/s/ is as retracted as in phonemically pharyngealized
/sˤ/ (Fig. 1b) whereas the tongue root position of
coarticulated /t/ resembles plain /t/ for most speakers
(Fig. 1a). This is found at mid-closure and release of
/t/. For a few speakers (n= 5), /t/ exhibits the same
magnitude of root retraction as in phonemically
pharyngealized /tˤ/. Phonemically pharyngealized /tˤ
sˤ/ in plain contexts are produced with the same
articulatory configuration as in pharyngealized
contexts, reflecting the categorical nature of
coarticulation and suggesting no additive effect of
coarticulation in this particular case. Differences
between the tongue splines of coarticulatorily
pharyngealized and plain consonants (as in Fig. 1a-b)
for all speakers are summarized in scatterplots (Fig.
1c-d). Differences between tongue contours at the
tongue root and body regions are computed as in [15].
The y-axis represents the maximum difference (per
speaker) between SS-ANOVA fits for the two
conditions at the tongue root measured as the angle
from horizontal to 45° (0, π/4). The higher the speaker
is located along the y-axis, the greater the tongue root
retraction is in the coarticulatory condition relative to
the plain condition. The x-axis represents the
difference between the two splines in the tongue body
anteriority. This is calculated by deducting the
maximum difference at the interval 90°-135° (π/2,
3π/4) from the maximum difference at the interval
45°-90° (π/4, π/2) and, then, dividing by two. These
scatterplots show that the difference between the
splines of coarticulatorily pharyngealized vs. plain /s/
at the tongue root (Fig. 1d) is greater than the
difference between the splines in /t/-words (Fig. 1c).
That is, comparison of the two scatterplots reveals
that the tongue root difference in /s/-words is greater
than 50mm whereas it does not exceed 35mm in /t/words, suggesting that coarticulation on /s/ is greater
and more consistent across speakers than /t/.
3. EXPERIMENT II: PHONEMIC CONTRAST
The second part of the study addresses the role of
phonemic
contrast
on
coarticulatory
pharyngealization in relation to Manuel’s ‘output
constraints’ hypothesis. It proposes that segments
tolerate deviations from their canonical phonetic form
as long as coarticulation does not obscure the

distinctiveness between contrastive phones of the
language. Therefore, this study addresses whether the
pharyngealization contrast has a restrictive effect on
Figure 1: SS-ANOVA of tongue contours with 95%
CI where the initial target coronal is (a) /t tˤ/ or (b) /s
sˤ/ (tongue tip to the right). The scatterplots of the
spline difference between coarticulatory and plain (c)
/t/, and (d) /s/ of all speakers at the root and body.

coarticulation by examining coarticulation sensitivity
of coronals that have corresponding pharyngealized
counterparts in Arabic e.g. /t s/ compared to other
coronals that cannot be pharyngealized phonemically
e.g. /n l/. If the contrastive coronals /t s/ exhibit no or
lesser degrees of coarticulation compared to noncontrastive coronals /n l/, phonemic contrast restricts
the sensitivity of segments to coarticulation.
3.1. Stimuli and procedures
As illustrated in Table 2, the wordlist consists of 28
words of C1aC2 sequence where C2 is either plain /t s/
or pharyngealized /tˤ sˤ/ and C1 is either contrastive or
non-contrastive in pharyngealization. Contrastive C1
is a phoneme that has a phonemically pharyngealized
counterpart e.g. /t s/, and non-contrastive C1 does not
have pharyngealized counterparts in the language e.g.
/n l/. Data collection and analysis procedures are the
same as in the first part of the study.
Table 2: Examples of target consonant contrastive
and non-contrastive in pharyngealization.

Target C target
contrast
Contrastive /t/
/s/
NonContrastive
c) Coarticulatorily pharyngealized vs. plain /t/

/n/
/l/

Source

Example

/s/
/sˤ/
/t/
/tˤ/
/s/
/sˤ/
/t/
/tˤ/

/tasaːfiːr/ ‘travels’
/tasˤaːfiːr/ ‘whistles’
/saːtraːt/ ‘covered’
/saːtˤraːt/ ‘hitting’
/naːsfaːt/ ‘destrying’
/naːsˤfaːt/ ‘fair’
/xalat/ ‘passed’
/xalatˤ/ ‘mixed’

3.2. Results
As in Fig. 2a, both non-contrastive coronals /n/ and /l/
are sensitive to coarticulation compared to their plain
counterparts; however, the degree coarticulatory
tongue root retraction in /l/ is greater and more
consistent across speakers than /n/. Coarticulatory
retraction in /l/ is as extreme as in phonemically
pharyngealized consonants for three speakers. /n/ in
the plain context has the most advanced tongue root
and when preceding a pharyngealized consonant, its
tongue position approaches that of /l/ in the plain
context. This indicates a baseline effect for the lesser
coarticulatory retraction in /n/ compared to /l/.
Similarly, as in Fig. 2b, contrastive /t/ and /s/
exhibit varying degrees of sensitivity to
coarticulation. /s/ undergoes greater coarticulation
than /t/. /t/ in pharyngealized contexts can be
produced with no coarticulatory root retraction at all
(half speakers) or with varying degrees of root
retraction that can sometimes be as extreme as in

d) Coarticulatorily pharyngealized vs. plain /s/
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phonemically pharyngealized C. Both contrastive and
non-contrastive coronals demonstrate different
degrees of coarticulation sensitivity. Comparison of
all four coronals in the pharyngealized context (Fig.
2c) shows that contrastive /s/ and non-contrastive /l/
are produced with similar degrees of coarticulatory
tongue root retraction. Similarly, contrastive /t/ and
non-contrastive /n/ are produced with the same
magnitude of coarticulation, and their tongue root is
less retracted (weaker coarticulation) than in the other
two coronals. The tongue root and tongue body angles
in the scatterplot in Fig. 2d are measured as in Fig. 1cd. As illustrated in Fig. 2d, the tongue root position
for /s/ in pharyngealized contexts is not substantially
different from /l/ (not exceeding 7 mm). This suggests
that phonemic contrast in /s/ does not constrain its
sensitivity to coarticulatory pharyngealization as it
undergoes the same degree of coarticulatory tongue
root retraction as the non-contrastive coronal /l/.

dorsum to sustain frication in /s/, which have been
reported to impede coarticulatory pharyngealization
in velars [1, 2], do not align with these results.
Figure 2: SS-ANOVA with 95% CI of coarticulation
in (a) non-contrastive and (b) contrastive Cs, and (c)
all coronals in pharyngealized context. (d) tongue
spline
difference
between
coarticulatorily
pharyngealized /s/ and /l/ of all speakers.

4. DISCUSSION
Coarticulation on word-initial /s/ and /t/ is categorical
in nature, as /s/ undergoes an extreme coarticulatory
tongue root retraction similar in magnitude to
phonemically pharyngealized /sˤ/. The stop /t/,
however, is less (or not) sensitive to coarticulation.
This finding is suggestive of a synchronic
phonological merger whereby a coarticulated /s/
becomes indistinguishable from a pharyngealized /sˤ/.
Coarticulation on other coronals /n l/ is more gradient
as they exhibit varying degrees of coarticulation at the
tongue root. The findings, also, indicate that coronals
that are contrastive for pharyngealization e.g. /t s/ can
undergo a similar degree of coarticulatory
pharyngealization as other coronals that are not
contrastive e.g. /n l/. These findings do not conform
to Manuel’s output constraints hypothesis and the
coarticulation pattern observed in this study is not in
accord with V-to-V coarticulation which was found
in some studies as being highly susceptible to the
restrictive effect of phoneme contrast. This can be
attributed to the fact that coarticulation in the words
used here does not lead to lexical ambiguity and,
therefore, should not be avoided. For example,
pharyngealizing the word-initial /s/ in /saːtˤraːt/
‘hitting’ by coarticulation does not confuse it with
another word in the language where the initial /s/ is
phonemically pharyngealized */sˤaːtˤraːt/. Therefore,
contrastive
consonants
potentially
allow
coarticulation to take place as long as this does not
yield ambiguous lexical items, an issue that
represents a venue for future research. Coarticulation
on contrastive /s/ is as extreme as on non-contrastive
/l/ and the effect is greater than on /t n/. Physiological
factors such as the articulatory demands on the tongue
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ABSTRACT
Research has shown that speech articulation tends to
be asymmetrical in the transverse plane of the vocal
tract. A recent meta-study of previously published
electropalatograms revealed that 83% of these images
show asymmetrical tongue-palate contact [1].
The present study investigated articulation
asymmetry on the basis of a large number of
electropalatograms acquired in a sentence-reading
task at the Centre for Speech Technology Research,
Edinburgh University (Mocha: Multichannel
Articulatory Database). The vast majority (97.5%) of
these palatograms showed some degree of left-right
asymmetry, with greater contact on the left-hand side
being the more common finding. Asymmetry was not
strongly determined by voice or place of articulation.
However, it was highly dependent on manner, with
fricatives and the lateral approximant showing the
greatest degree of asymmetry.
Characterisation of articulation asymmetry could
improve our understanding of the speech-production
process and its relationship with both neural
organisation and the anatomy of the organs of speech.
Keywords:
Electropalatography,
asymmetry, Mocha-Timit.

articulation,

1. INTRODUCTION
Electropalatography (EPG) is an instrumental
technique for characterising tongue-palate contact
during speech. A dentist produces a detailed plaster
impression of the hard palate, upper teeth and gums.
The cast is then used to manufacture a custom-made,
thin acrylic palate that sits in the roof of the mouth
and is held in place using wire clasps that clip over
the teeth. A grid of (usually) 62 electrodes is
distributed over the lower surface of the palate to
capture the spatial pattern of tongue-palate contact.
The electropalate is coupled to a receiver and the
output, known as a palatogram, is a binary image
representing the electrode activations. This image is
refreshed at a typical frame rate of 100-200 Hz.
Visual inspection of published palatograms
reveals that they frequently show lateral (left-right)
asymmetry in the amount of tongue-palate contact
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[1]. However, articulation asymmetry in EPG has
only been explicitly investigated in a small number of
studies; see, for example, [2-5]. The main finding of
these studies was that tongue-palate contact is often
asymmetrical. However, the direction and typical
extent of asymmetries in palatograms have not been
studied in a systematic way. Articulation asymmetry
may depend on a variety of factors, including the
speaker’s anatomy, their handedness, asymmetries in
the manufacture of the electropalate, and the type of
speech sound involved. Improved understanding of
these factors would have both theoretical and
practical benefits. It would contribute to a more
profound understanding of motor control and motor
constraints in speech production, and their potential
relationship with the neural organisation of speech
processing. In addition, it would provide important
insights into the relationship between anatomical
features of speakers and the acoustic characteristics
of speech. From a practical viewpoint, standard
values of asymmetry in neurotypical speakers could
serve as a reference when treating speech deficiencies
in which asymmetry leads to poor intelligibility of
speech, e.g., dysarthria due to unilateral weakness.
The objective of the present study was to examine
the effect of the speech sound on the direction and
amount of asymmetry seen in electropalatograms.
This is a logical starting point for a systematic EPG
investigation of the factors that affect articulatory
asymmetry, as it enables future experiments to focus
on the most influential phonetic features. Articulation
asymmetry was assessed using a set of palatograms
acquired in a sentence-reading task at the Centre for
Speech Technology Research (CSTR) at Edinburgh
University [6]. This corpus consists of temporallyregistered sound and EPG files, as well as data from
other instrumental methods such as laryngography.
The database was chosen due to the large number of
sentences per speaker (460), making it an ideal
resource for studying the direction and amount of
asymmetry as a function of the phoneme. A further
objective was to characterise within-speaker
variability in asymmetry across different realisations
of the same phoneme. For a sentence-reading task, the
main cause of this variability is likely to be the
phonetic context.

3. RESULTS

2. METHODS
The asymmetry data were obtained by analysing
palatograms from the Mocha (Multichannel
Articulatory Database) – Timit (M-T) corpus
provided by the CSTR [6]. This corpus consists of a
phonetically balanced set of 460 sentences (example:
Those thieves stole thirty jewels) designed to include
the main connected-speech processes of English such
as assimilations and weak forms. Palatograms are
stored in raw binary form (8 bytes per sample) at a
frame rate of 200 Hz. The EPG data are reported to
be “carefully synchronised” with the audio data [6],
where the latter are sampled at a rate of 16 kHz. For
each sentence, the authors supply a text file (with the
extension ‘.lab’) containing phoneme segmentations
performed using forced alignment [Simon King,
personal communication]. Each row of the .lab file
contains the identity of the phoneme, coded using the
CSTR Machine Readable Phonetic Alphabet, and its
start and finish times. Complete datasets (.wav, .epg
and .lab files) appear to be available for five speakers
of English (3 females and 2 males) with a variety of
accents. All five speakers were included in the present
study. In total, palatograms pertaining to 34,370
tokens (phonemes) were analysed.
The data were read into MATLAB [7] using the
suite of open-source programmes presented in [8].
The asymmetry analysis focused solely on the
consonant phonemes, as EPG provides limited
information about vowels, except for the lateral
tongue-palate contact in high front vowels.
Furthermore, it was anticipated that the manner of
articulation (which only varies in consonants) would
be the most influential phonetic dimension.
For each palatogram, three indices of asymmetry
were calculated. The first reflects the left-right
asymmetry for the entire palate [4]:
Ias = (NR – NL) / (NR + NL)

(1)

where NR is the number of activated electrodes on the
right-hand side and NL is the number of activations on
the left. Thus, negative values indicate more tonguepalate contact on the left, while positive values denote
a right-sided bias. The degree of asymmetry is given
by the magnitude of the index, |Ias|, which ranges from
0 to 1, with higher values representing greater
asymmetry. The remaining two indices were based on
a formula analogous to Eq. (1), but with the left-right
asymmetry calculated separately for the anterior and
posterior halves of the palatogram. For each instance
of each phoneme (i.e., ‘token’), the asymmetry
metrics were calculated from a cumulated image that
was obtained by summing the palatograms over the
entire duration of the token.
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3.1. Overall direction and degree of asymmetry

On average, 97.5% of palatograms showed some
degree of asymmetry (i.e., a non-zero value of Ias),
with a range of 95.7% to 98.2% across the five
speakers. The summary statistics relating to Ias are
shown in Table 1. A one-way analysis of variance
with ‘speaker’ as the independent variable and Ias as
the dependent variable was highly significant [F(4,
34365) = 461.0, p < 0.0001]. Table 1 shows that, on
average, all speakers exhibited greater tongue-palate
contact on the left-hand side (i.e., negative mean
values of Ias). For four out of five speakers, the mean
values of the asymmetry metric for the anterior and
posterior halves of the palate were both negative. For
the remaining speaker (‘msak’), the front and back of
the palate showed opposite directions of asymmetry.
This can be appreciated by inspection of Fig. 1, which
presents cumulative palatograms for the speakers
‘fsew’ and ‘msak’ (chosen for display because their
hand dominance was known: both right-handed). The
male speaker (‘msak’) shows a left-sided bias at the
front of the palate (the upper part of the image) and a
right-sided bias at the back of the palate. This largely
explains why his mean asymmetry index was the
closest to zero of all the speakers.
Table 1: Summary statistics for the five speakers

Speaker
ffes
fjmw
fsew
mjjn
msak

# phonemes
7247
6715
6617
7201
6590

Mean Ias
-0.131
-0.078
-0.104
-0.084
-0.037

St dev Ias
0.138
0.111
0.096
0.143
0.167

Figure 1: Cumulative palatograms for two speakers,
obtained by summing over all phonemes. The grey
level indicates the cumulative number of contacts.

3.2. Degree of asymmetry as a function of the phoneme

The relationship between the amount of asymmetry
and the identity of the phoneme was explored using
correspondence analysis (CA), a technique for

condensing the information in a two-way contingency
table. In the present study, the row variable is the
phoneme, the column variable is the degree of
asymmetry, and each datapoint is the number of
tokens of the phoneme with the given asymmetry
level (summed over all speakers). Since CA requires
categorical data, four levels of asymmetry were
defined: |Ias| £ 0.1 (‘small’), 0.1 < |Ias| £ 0.2 (‘medium’),
0.2 < |Ias| £ 0.3 (‘large’), and |Ias| > 0.3 (‘very large’).
CA calculates a set of coordinates representing the
associations between the row and column variables.
The results are plotted on a map (Fig. 2), where the
two axes are conceptually similar to the first and
second component in principal component analysis.
In this case, 98.7% of the total Pearson Chi-square for
the two-way frequency table is accounted for by the
first two dimensions. The greater the horizontal
(vertical) distance between the origin and a variable
along Dimension 1 (Dimension 2), the greater the
contribution of that variable to that dimension.
The interpretation of Fig. 2 is not straightforward
and for a detailed description, the reader is referred to
[9, 10]. However, the two most important principles
are as follows: (1) If two phonemes are in close
proximity to each other, then they have a similar
relative frequency distribution (i.e., ‘profile’) across
the four asymmetry levels. (2) A small (<< 90°) angle
between the diagonal line from the origin to a given
phoneme and the diagonal line from the origin to a
given asymmetry level indicates that these two
variables are positively associated. The strength of

this association increases with the lengths of the
diagonal lines. A 90° angle indicates no relationship,
while ~180° implies a strong negative association.
As far as voice is concerned, it can be seen that the
voiceless plosives /t, k/ show more asymmetry than
their voiced counterparts. The opposite trend is seen
for fricatives and affricates (i.e., voiced sounds
exhibit more asymmetry), with the exception of the
post-alveolar fricatives. However, in general, the
distances between voiced and voiceless phonemes are
small. Therefore, there is not a strong association
between voice and level of asymmetry.
A similar picture emerges for place of articulation.
In plosives and nasals, there is no strong association
between place and degree of asymmetry. Likewise, in
fricatives, the alveolars and the dentals show similar
asymmetry profiles. The only notable trends are that
(1) post-alveolar fricatives show less asymmetry than
fricatives produced at more anterior positions and (2)
the alveolar approximant (‘r’) exhibits more
asymmetry than its palatal counterpart (‘y’). Thus,
overall, there is some evidence to suggest that anterior
places of articulation are more prone to asymmetry.
The strongest association is seen for the dimension
manner. Plosives, nasals and affricates all exhibit
relatively low levels of asymmetry, while fricatives
and /l/ show substantially greater asymmetry.
Furthermore, the lateral approximant stands in
isolation, implying that its asymmetry profile does
not resemble that of any other phoneme.

Figure 2: Correspondence analysis between the phoneme and the degree of asymmetry. The following symbols denote
voiced-voiceless phoneme pairs: dh, th - dental fricatives; zh, sh - post-alveolar fricatives; jh, ch - post-alveolar affricates.
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3.3. Intra-speaker variability

Figure 4: Example histograms of the asymmetry index Ias.

The final objective was to examine within-speaker
variability in asymmetry values as a function of the
phoneme. This represents variation in realisation of
the phoneme due to the phonetic context. This
information could be of theoretical interest; for
example, it is likely that phonemes that are more
susceptible to coarticulatory effects show greater
asymmetry variability. Furthermore, variability data
could be useful for planning future experiments, e.g.,
by allowing estimation of the sample size required to
achieve a given confidence interval on Ias.
Intra-speaker variability was denoted by stdev(Ias),
the standard deviation on the mean value of Ias for a
given speaker and phoneme. The average value
across the 5 speakers (± 1 SD) was then calculated
(see Fig. 3). Voiceless phonemes are not shown, as
the variability values closely matched those of their
voiced counterparts. Intra-speaker variability is
similar across phonemes, except for the dental
fricative (‘dh’), alveolar approximant and lateral
approximant, all of which show higher variability.
Figure 3: Intra-speaker variability per phoneme,
calculated as the mean value (± 1 SD) of stdev(Ias).
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Finally, Fig. 4 shows histograms for Ias for the
phonemes /d/ and /l/ for speaker ‘ffes’, chosen
because her standard deviation values were similar to
the averages for the cohort. It can be seen that the
distribution for /l/, in particular, is non-normal, with
significant skewness and outlying values.
4. CONCLUSIONS AND DISCUSSION
The vast majority (97.5%) of palatograms showed
some degree of asymmetry, the predominant direction
of which was towards the left. These findings agree
with a meta-study that extracted values of Ias from
published palatograms [1]. However, this metric is
highly sensitive (a left-right difference of just one
electrode is considered ‘asymmetrical’). Thus, future
work will determine the confidence interval
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associated with measures of Ias, due to, for example,
variability in electrode sensitivity. Although the hand
dominance of all five speakers in the M-T database is
unknown, at least two are right-handed. Therefore, in
common with [3], the present study suggests that
asymmetry does not align with hand dominance.
The degree of asymmetry was shown to have only
a weak association with voicing status and place of
articulation, but a strong association with manner. In
particular, fricatives and the lateral approximant
exhibited greater asymmetry than other manners of
articulation. In the case of fricatives, asymmetrical
articulation may be a means of maximising
turbulence. This would imply that it is a learnt
process. The fact that lateral consonants may exhibit
marked articulation asymmetry has been discussed
previously [2, 3]. Figure 4 shows that tongue-palate
contact during the articulation of /l/ may be unilateral.
The dental fricatives, as well as /r/ and /l/, were
found to show greater variability in asymmetry than
other phonemes. Approximants are known to have
variable articulation, including a propensity to be
influenced by adjacent sounds, as they are not
characterised by precise articulatory demands [11].
The cause of high variability in asymmetry for dental
fricatives warrants further investigation.
A limitation of this study was that asymmetry
metrics were derived based on the entire duration of
the phoneme. Thus, these metrics were strongly
influenced by coarticulation. Future work should also
determine asymmetry from the stable portion of the
phoneme. This would minimise coarticulation and
hence indicate the degree to which asymmetry is
primarily a feature of the target phoneme. A further
limitation lies in the fact that neither the speakers’
electropalates, nor their plaster casts, were available
for analysis. In future work, these devices will be
scanned using computed tomography, and analysed
so as to determine whether the asymmetry seen in
palatograms can be attributed to anatomical factors
and/or asymmetries in the palate manufacture [8].
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ABSTRACT
It is traditionally assumed that geminates undergo
degemination when being flanked by another
consonant in Hungarian. Since in Hungarian duration
is considered to be the main acoustic cue to the
singleton-geminate opposition, it appears valid to
study phonetic implementation of this process in the
acoustic domain. However, previous acoustic
analyses lead to inconclusive results on the status of
the “degeminated” consonant, while articulatory data
on Japanese singletons and geminates imply that it is
revealing to study degemination on the level of
gestural timing.
The present study compared gestural organization
of geminates, and degeminated, and singleton
consonants in heterorganic C-clusters, and in
intervocalic positions. We obtained EMA data from
10 female speakers of Hungarian (aged 27.7).
Consonant duration, plateau durations and tongue rise
showed that degemination does not yield realizations
equivalent to intervocalic singletons, and geminates
and singletons in clusters showed equally slower
tongue rise than that observed in intervocalic
singletons.
Keywords: geminate, degemination, articulation,
gestural overlap, timing of tongue rise.
1. INTRODUCTION
Hungarian express semantic differences by using
contrastive vowel and consonant phoneme length, see
e.g., kor ‘age’ ~ kór ‘illness’; ép ‘healthy’ ~ épp ‘right
now’. In theoretical works, duration is considered to
be the main acoustic cue that makes the singletongeminate phonological contrast in consonants. It is
also traditionally assumed that geminates do not
occur flanked by another consonant on either side,
and that in these positions, geminates surface as short.
This process is called degemination [17].
On the basis of acoustic data, pervious research
concluded that in line with other languages that
exhibit the contrast (see [14] for a review of geminate
stops in 24 languages), it is indeed durational
properties, especially closure duration, that are the
most important correlates of the singleton-geminate
opposition in Hungarian stops [8–11]. [19] showed
that the pooled average duration of several different
types of long/geminate consonants (measured in non-

1739

controlled environments) is approx. 160% of the
average duration of the short/singleton consonants.
Further, [10] also proposed that consonants having a
complex internal structure, i.e., stops and affricates
are lengthened in their middle portion if geminated,
that is, they are lengthened in their closure phase. [10]
based her claim again on acoustic data: she measured
a ratio of 210% between the singleton and the
geminate affricates’ closure phase. [11] also analysed
degemination cases in affricates (i.e., cases where the
geminates were flanked by a consonant), and she
found that the duration of degeminated affricates
were approx. 110% of that of singletons (i.e.,
degeminated consonants may not be considered
identical to singletons with respect to their total
duration), and that the closure-to-total-consonant
duration ratio in degeminated affricates was 9%
higher than in intervocalic singletons, and 3% higher
than in singletons flanked by another consonant. In a
study on spontaneous speech, [8] showed that the
ratio of the total duration of geminates and singletons
is approx. 140-150% in Hungarian /p t k/, while in
geminates, the closure-duration-to-total-consonantduration ratio is greater than that observed in
singletons only in approx. 10%. Lastly, [16] analysed
some fricative and stop geminates in degemination
cases, flanked by varying consonants. The authors
revealed that due to the fact that correlates of bursts
and realease phases were often missing from the
acoustic signal, singleton and geminate stops were
both very difficult to segment and analyse
acoustically (especially in the studied contexts).
Nevertheless, as far as stops are considered, they
concluded that among degeminated and singleton /t/
and /p/ realisations, singletons (in C1C2, either as C1
or C2) were the longest, followed by degeminated
geminates (flanked by a C2 on one side), and
singletons in C1C2C3 sequences (as C2 consonants).
In Hungarian, articulatory organization of
consonant clusters, geminates, or degeminated
consonants have not been analysed so far. In
Japanese, however, a language that contrasts
singleton and geminate consonants similarly to
Hungarian, studies found that contact is maintained
longer for geminate stops, and that the tongue also
tends to move slower in geminates than in singletons,
while the vowel preceding the geminate is also longer
(see [4] and its references). The cited study draws

attention to the interesting fact, that in Japanese,
vowel lengthening before geminates signifies that, as
opposed to most languages, there is no reciprocal
relationship between vowel and the following
consonant, and raises the question, if differences in
vowel duration between singletons and geminates are
merely a side effect of the slower tongue movement.
As in the cited study only two speakers’ data was
analysed, and those showed divergent results, the
authors could only tentatively conclude that the later
occurrence of peak timing did not directly affect the
length of the preceding vowel, which may thus have
been affected by other factors.
In the present study we aimed to analyse some
acoustic and articulatory features of singleton,
geminate and degeminated stop consonants in
Hungarian, in hopes of answering the questions,
whether i) degemination neutralizes the singletongeminate opposition in the acoustic and articulatory
domain, ii) singletons in C1C2 clusters, and geminates
in degeminating C1C1C2 positions differ in the extent
of articulatory overlap they exhibit with a following
heterorganic consonant, iii) slower tongue rise and
longer preceding vowel duration is observable in
geminates (compared to singletons), and if they are
independent of each other.
2. METHODS
2.1. Participants, material, and data recording

10 healthy native speakers of Hungarian participated
in the study (all females, aged 27.7±6.44 years).
We analysed the voiceless alveolar /t/ and the
bilabial /p/ in read speech as
● intervocalic geminates in VC1C1V (gem), as in
e.g, kazetta ‘cassette’,
● geminates in degeminating heterorganic Cclusters in VC1C1C2V (degem), as in e.g.,
krikettpartin ‘cricket-match’,
● intervocalic singletons in VC1V (sing), as in
e.g., vegetatív ‘vegetative’, and
● singletons in heterorganic VC1C2V clusters
(singC), as in e.g., szövetpapucs ‘carpetslipper’.
Target sequences occurred word-internally in real
words, in pre-verbal (accented) focus position of
sentences, but as the coda and onset of the second and
third unaccented syllables. Speakers read the
sentences presented on a computer screen in a
randomized order.
Although our main aim was to analyse only the
effect of the above listed conditions, to increase
variance in the data, we varied the vowel context and
the place of articulation (POA) of consonants in a
balanced fashion. That is, we included 3 vowel
context conditions, Vfront- Vfront, Vfront- Vback, VbackVback. and two types of POA order with respect to
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stops and stop clusters, Cbilabial(-Calveolar), Calveolar(Cbilabial), but in most analysis, we did not include these
factors as predictors in our statistical models, and
used them only to increase jitter. The two exceptions
were the following: we included POA in the gestural
overlap analysis (see section 2.2), as coordination of
labial and lingual consonants is expected to vary as a
function of order, and we excluded labial consonants
from the tongue rise analysis (see section 2.2), for the
obvious reason that the relevant gestural plateau is not
formed by the tongue but by the lips in these
consonants.
We recorded (4 conditions × 3 V-contexts × 2 stop
POA × 6 repetitions =) 144 tokens per speaker (1440
altogether), and after the exclusion of 2 tokens due to
technical reasons, we analysed 1438 tokens.
Data recordings were carried out in a sound treated
room using a Carstens EMA AG501 system. We
recorded the upper and lower lip movements, and the
tongue movements at tongue tip, tongue blade, and
two points on the tongue dorsum.
2.2. Data processing and analyses

Head movement and bite plane corrections were
done by the Carstens software, while further postprocessing (3D-2D conversion, and production of
Emu-compatible ssff tracks) was carried out by the
custom made converter of the IfL Phonetik,
University of Cologne. Segmental labelling of the
audio signal was carried out semi-automatically using
the BAS web services G2P [13] and MAUS [15]; for
gestural labelling we used Emu [18]. Durational
analysis was based on the audio signal, while for
gestural analysis we used the displacement and
velocity tracks of the sensors that corresponded to the
place of articulation of the stops at hand: the gesture
of bilabial /p/ was identified on the basis of the
Euclidean distance signal of the upper and lower lips,
and the corresponding velocity track, while the
gesture of the alveolar /t/ was detected on the basis of
the tongue tip sensor’s movement and velocity
signals. For the detection of the gestural plateau we
used the procedure described in [3]. We detected and
calculated the following measures:
● duration of the consonant (acoustics),
● duration of the preceding vowel (acoustics),
● duration of the total C-cluster (acoustics),
● duration of gestural plateau (articulation),
for which plateau onset and offset were
measured as 20% threshold points on the
vertical velocity signal (see [3]),
● gestural
overlap
(plateau
overlap)
(articulation), calculated as a difference of C2
plateau onset and C1 plateau offset (see [3]),
and
● tongue rise as measured from the preceding
vowel’s onset (acoustics) to the plateau onset,

similarly to [4] (articulation) (only for alveolar
consonants).
Data were analysed by Pearson’s correlation method
and linear mixed effect models in R [12], using the
lme4 package [1]. p-values were obtained via the
Satterthwaite approximation available in lmerTest
package [6]. We included random intercepts for
speakers. Post hoc analysis (Tukey test) was carried
out by lsmeans package [7].

C1C2 clusters and thus may not be considered
equivalent as suggested by [16].
Figure 2: V1 duration obtained from the acoustic
signal (all contexts)

3. RESULTS
As far as duration data of C1 obtained from the
acoustic signal is considered, results are partly in line
with expectation and previous data. On average,
duration of geminates was 165% of that of the
duration of singletons. However, duration of
degeminated stops was a mere 88% of singletons, i.e.,
they were not longer, but shorter than those (as in
[16], but as opposed to [11]), and degeminated stops
patterned with singletons in clusters (Fig. 1).
Statistical analysis showed that condition had a
significant effect on these data (F(3, 1428) = 943.60,
p < 0.001), and that all groups differed from the others
(p < 0.05).
Figure 1: C1 duration obtained from the acoustic
signal

Durations of the preceding vowel showed the trend
observed previously also in Japanese, namely that
vowels before geminate consonants were longer than
those before singletons (Fig. 2). What is more, vowels
before the C1C2 (singC) cluster were similarly long as
those before C1C1 (gem), while vowels that occurred
before degeminated long consonants and singletons
were equally shorter.
We found a significant condition effect (F(3,
1428) = 15.84, p < 0.001), and all but the groups of
C1C1 (gem) vs. C1C2 (singC) differed in the pairwise
comparisons significantly (p < 0.05). Further,
according to a Pearson’s test, duration of V1 and C1
did have a significant, but very weak correlation
(r = 0.12, p < 0.05).
Total duration of C1C1 (gem), and C1C1C2
(degem), and C1C2 (singC) clusters also showed a
significant condition effect (F(2, 1065) = 20.48,
p < 0.001), and the post hoc analysis revealed that all
three groups differ from one another (p < 0.01) (Fig.
3). It may be interesting to point out, that according
to these data, geminates are significantly shorter than
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Figure 3: Total C-cluster durations obtained from
the acoustic signal

As for the articulatory data, duration of stop plateaus
(as articulatory correlate of closure) developed
similarly to total stop durations, showing the longest
durations for geminates, and equally shorter durations
both for C1C1C2 (degem) and C1C2 (singC). However,
as opposed to C1 duration data, gestural plateaus were
the shortest for singletons (Fig. 4). In a way similar to
the acoustic data of [10], duration of the closure phase
of geminates was 233% of that of singletons, while
degeminated geminates’ closure was 133% of that of
singletons in our data.
Statistical analysis revealed a significant condition
effect (F(3, 1411) = 211.36, p < 0.001), and that in
terms of C1 plateau durations, all but the C1C1C2
(degem) and C1C2 (singC) groups differed
significantly (p < 0.001).
Figure 4: C1 plateau duration obtained from the
articulatory signals

In the gestural overlap analysis of C1C1 and C1 with
the following C2, we included the factor POA, as the
overlap of a labial stop, followed by an alveolar stop
is expected to be larger than that of the reverse order.
As the significant interaction effect of POA and
condition, and the following post hoc tests’ results
show, this was indeed the case, and the order of
consonants did yield significantly different results as

a function of POA order (F(1, 705) = 8.55, p < 0.05).
However, the two test conditions differed only in the
case of CalvClab vs. CalvCalvClab (i.e., in the case of /tp/
vs. /ttp/) (p < 0.05), where the /tp/ cluster showed a
greater degree of gestural overlap than the /ttp/
cluster, and not in the case of ClabCalv vs. ClabClabCalv
(i.e., in the case of /pt/ vs. /ppt/), where the overlap of
the neighbouring consonants in the cluster was
similarly high in both conditions (Fig. 5).
Figure 5: Gestural overlap of C1C1C2 and C1C2

Finally, the duration of tongue rise, i.e., the timing of
the lingual movement form the preceding vowel onset
to the onset of the gestural plateau (analysed only in
alveolars) again showed a singleton in cluster (91±26
ms) ≳ geminate (90±26 ms) ≳ degeminated (87±20
ms) ≳ singleton (83±24 ms) order (from slowest to
fastest) (sig. condition effect: F(3, 1411) = 36.45, p <
0.001) (Fig. 6, left). However, as revealed by the post
hoc analysis in these data C1C1C2 (degem) and C1C2
(singC) patterned together again, and this time,
C1C1C2 (degem) did not differ from singletons (sing)
either. (Only the comparisons of the pairs of gem vs.
sing and sing vs. singC yielded significant results
with p < 0.05.)
Figure 6: Tongue rise and its correlation with V1
durations in alveolars

To test if longer V1 durations (see Fig. 2) are the side
effect of slower tongue rise in geminates and C1C2
clusters, we carried out a correlation analysis of the
data. Contrary to expectations one might have based
on the claims of [4], we found that tongue rise in the
consonant at hand, and duration of the preceding
vowel are highly correlated (p < 0.001, r = 0.78) (Fig
6, right), and thus they may not be considered as
independent as suggested.
4. DISCUSSION AND CONCLUSIONS
In this study we analysed several acoustic and
articulatory features of singleton, geminate, and
degeminated stops in Hungarian, to examine if i)
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degemination neutralizes the singleton-geminate
opposition in the acoustic and articulatory domain, ii)
singletons in C1C2 clusters, and geminates in
degeminating C1C1C2 positions differ in the extent of
articulatory overlap they exhibit with a following
heterorganic consonant, and iii) slower tongue rise
and longer preceding vowel duration is observable in
geminates (compared to singletons), and if they are
independent.
Consonant duration and total consonant cluster
duration as measured in the acoustic signal, and the
duration of the gestural plateau detected in the
articulatory signal unanimously showed that
degemination do not reduce stops to intervocalic
singletons, but rather to singletons that are flanked by
another stop consonant (i.e., singletons in two-term
clusters). Articulatory data further suggests that
degeminated stops and two-term clusters form an inbetween category between geminates and singletons.
As far as the timing of the articulatory gestures, more
specifically, the articulatory overlap of gestural
plateaus is considered, we found that two-term
clusters and degeminated stops differed only in
lingual-labial (/pt/ ≠ /ppt/), but not in labial-lingual
(/tp/ ≈ /ttp/) clusters, that is, degemination reduced
geminates to singletons in C-clusters dependently of
the place of articulation of the stops. Further, our
results supported the findings of [4] showing that
preceding vowel does not show shortening but
lengthening before geminates. However, we also
found the same trend for simple C1C2 clusters.
Moreover, we found a similarly slow tongue rise for
both geminates and singletons in two-term clusters,
which suggests that in some aspects, the phonetic
implementation of geminate stops resembles that of
two-term stops clusters. And finally, we found a
strong correlation of tongue rise and preceding vowel
duration, suggesting that preceding vowel duration
may very well be considered a mere side effect of the
slower tongue movement in geminates and two-term
clusters. This finding does not corroborate the
tentative hypothesis of [4], and points to the fact the
increase in vowel duration before geminates and Cclusters is in close connection to the decelerating
articulatory gestures of the stop consonants.
However, results for e.g., Italian and Norwegian [5]
revealing shortening of the preceding vowel pose a
challenge to this interpretation, and warrant for
further research.
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ABSTRACT

by the aerodynamic literature (see [14] and references therein), in that the higher degree of intraoral
pressure on high vowels necessitates a smaller VPO
area to direct air through the nasal cavities. Finally,
in perceptual studies, high vowels are more quickly
judged as more nasal than low [16, 1], and more than
twice the magnitude of nasal coupling is required for
[a] to reach the same perceived degree of nasalization as [i], once nasal coupling begins [22, 23].
From an articulatory point of view, the lower velic
position on low vowels [17] does not make them
easier to nasalize as originally thought [7], and intended acoustic outputs appear to take precedence
[25]. As such, intraoral articulators can be manipulated in reaction to the centralizing acoustic consequences of nasalization, with respect to both F1
and F2 [13]. In particular, tongue retraction and/or
lowering often distinguishes oral-nasal congeners in
French, beyond nasal coupling [4]. Such differences
serve to heighten the salience of nasality of nasal
vowels. Meanwhile, in American English, tongue
body raising accompanies HVN, counteracting F1
raising though not undoing nasal coupling [5].
At the same time, the interaction among vowel
height, duration and nasalization suggests low
nasal(ized) vowels may be preferred. Specifically,
nasality is better perceived with increased vowel
duration, regardless of a vowel’s proportion of
nasalization [21, 34]. Moreover, theoretically (e.g.
[20]) and experimentally (see [15] for references),
a length parameter favouring low vowels emerges.
Taken together, low nasal vowels may be the least
marked, especially at slower rates.
All in all, due to (a) the differentiation of vowel
heights in French nasal coarticulation, (b) the possibility that elevated percentages in HVN are merely
due to shorter duration, and (c) the consensus
that high vowels are nasalized easily, we question
whether HVN in French is covertly mechanical, or
indeed an active part of its grammar. We thus look
at the relationship between nasality (using nasometry) and duration for individual vowel qualities of
Montreal French in a variable-rate speech task, as
an extension of Solé’s methodology [31]. Given that
lingual position may further reveal speakers’ inten-

We examine ultrasound and nasometric data in a
variable rate task to quantify the influence of vowel
quality, duration, and intraoral gestures on regressive nasalization in Montreal French. Acoustic results suggest that, while on average high and mid
vowels are heavily nasalized in this context, only
certain high vowels remain significantly nasal as duration increases, for the majority of speakers. We
interpret these results as indicative of high vowel
nasalization as a controlled property of production,
à la Solé [31, 32]. The ultrasound data (maximum
tongue height), meanwhile, show no unidirectional
or group-wide tendencies, but suggest certain speakers modulate tongue height in order to increase the
salience of [i]-nasalization, or to undo height displacement of nasalized [i] in the formant space. Finally, certain speakers show significant nasalization
without changes in tongue height.
Keywords: Nasality, laboratory phonology, French
1. INTRODUCTION
The majority of phonetic studies on regressive nasal
coarticulation in French find high vowels to be the
most nasal ([10, 3]), exceeding 50% nasality at times
([28, 33, 11]), whereas mid vowels are less nasalized
and low vowels the least. High vowel nasalization
(HVN) is rarely qualified as a controlled property
of French, however, characterized at most as passive
laxing of oral-nasal contrast [33, 10], given its lack
of contrastive high nasal vowels. Meanwhile, others
(e.g. [8]) deny the possibility that any contextual
nasalization in French may be intentional.
The large body of phonetic evidence suggesting a
height parameter, wherein high vowels more readily achieve significant nasal coupling than low, and
with smaller degrees of velopharyngeal port opening (VPO), complicates the question of whether
HVN may be deliberate. Acoustic modeling studies
[18, 23] show that the formant structure of high vowels is more propitious to nasal coupling at smaller
degrees of VPO. These observations are mirrored
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distance between the center of the probe and the
maximum tongue height was divided by the distance
between the center of the probe and the subject’s
hard palate/alveolar ridge along the same fan line.
This renders height as a percentage of the distance
between the center of the ultrasound probe (0) and
the hard palate/alveolar ridge (100, or 1, as depicted
in Figure 1). After exporting data from the AAA
software, single-factor pairwise ANOVA were performed in R [26] using the RStudio statistical software package [29], with an independent variable of
context and a dependent variable of tongue height.

tions to produce a certain acoustic output, we also
utilize ultrasound imagery to compare tongue height
of individual vowel qualities according to the nasality of its context. We predict that in pre-nasal contexts, high vowels’ rates of nasality should stay consistent or rise with duration and, in order to increase
this salience, show tongue body lowering in these
same contexts. Meanwhile, non-high vowels should
be less nasal with time and show either no tongue
body modulation or gestures potentially diminishing
nasal salience (according to their height).
2. METHODOLOGY

Figure 1: Tongue splines for [i] preceding nasal
consonants (VNasal), preceding oral consonants
(VOral), and word finally (V#)

Ten native speakers of Quebec French (7 women, 3
men; age range 19 to 28, mean = 23.3) native to the
greater Montreal area participated in the study. No
participants reported any diagnosed language or auditory impairments, nor did any claim to be suffering
of allergies or diseases affecting the nasal cavities.
A reading list of French expressions was created
for the first task of this experiment. The 7 major oral
vowel categories of Quebec French, /a, e, ø, o, i, y,
u/ ([±ATR] distinctions conflated), and its 4 contrastive nasal vowel categories /ã, ẽ, õ, œ̃/, hereafter
targets, were placed into various contexts according
to French phonotactics, namely (a) oral vowels in
non-nasal settings, (b) oral vowels in nasal settings
and (c) nasal vowels in non-nasal settings. This design yielded 56 target-context sequences. Each participant read this list in a randomized order 2 or
3 times (depending on time constraints) at a selfdirected, normal speaking rate. An expanded list
including words from the previous task was created
for a second task. Participants were asked to read
a randomized version this list first at a slower rate
than usual, taking care to string together syllables.
Participants then read the list, newly randomized, at
a faster than usual rate, though still comprehensible.
Ultrasound data were registered using an MC4
convex ultrasound transducer with a 20mm radius
and the Articulate Assistant Advanced (henceforth
AAA) software package. Subjects were asked to
drink water for the initial task to approximate the
hard palate, alveolar ridge and teeth. For the vowels, an automatic tracking function was employed
to trace the tongue contours. Splines for the individual vowels (N=812) were analyzed in AAA’s
Spline Workspace. Maximum height for each vowel
was defined as the highest midsagittal point of the
tongue body. In order to compare height measures
across subjects who have different vocal tract sizes
and tongue lengths, the values for maximum height
were normalized by applying a ratio whereby the

Acoustic data were obtained using a Glottal Enterprises NAS-1 SEP Clinic nasometer, consisting of
two equally spaced, pre-calibrated microphones separated by one of three plates (depending on the subject’s anatomy) pressed against the upper lip. Nasal
and oral channels were thus recorded separately but
simultaneously. Participants were instructed to keep
plate contact and the nasometer’s angle constant during recordings, which were performed in Praat at a
sampling frequency of 44.1 kHz in stereo (nasal microphone = left channel, oral = right). These recordings were automatically segmented by WebMAUS
Basic [30, 19] with standard French settings. The
resulting textgrids were manually inspected and corrected by two independent judges. The stereo channels were then split, and energy readings of each target vowel were taken from each channel at 5 ms intervals. Vowel duration was also extracted.
Outliers were defined as points whose raw energy, within their respective channels, (a) exceeded
3× the interquartile (IQ) range + Q3 or (b) was beneath Q1 − 3×IQ. This was performed on a speakerinternal basis, for each channel and individual target.
These readings (N=1,021/27,823) were discarded,
and the remaining energy values were min-max normalized within each channel by speaker and target.
Finally, the Differential Energy Ratio (DER) [11],
a formula similar to nasalance-based formulae but
modeling more directly rates of change in energy,
was applied to the normalized data to obtain each
vowel’s nasality as a percent. Namely, after calculating the differential energy of each point by subtract-
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pre-nasal context than in the non-pre-nasal context.
Against our prediction, we find no unidirectional
effect within high vowels. Tongue body raising of
[a] in A2’s data, which may lower F1 and thus increase nasal salience, seems to go against our hypotheses, though as we will see, this vowel is not significantly nasal. In general, our interpretations must
be taken cautiously at this stage, as jaw lowering due
to vowel laxing, again common in QF [24, 12], may
skew results for tongue height, and other articulators affecting F1 are not considered here. In particular, pharyngeal constriction or expansion (raising
or lowering F1, respectively) and various labial configurations have been shown to interact with F1 in
French [6, 4]. Additionally, formant values, tongue
retraction (affecting F2, an important percept in
nasal coupling), and potential diphthongization must
be considered in the future.

ing nasal energy from oral energy, DER is expressed
as the ratio of the absolute value of the sum of negative (i.e., nasal) differential energy to total differential energy. This paper analyzes 1,164 vowels from
speakers A2, A3, A5 (female) and A4 (male).
In addition to DER averages and duration, linear
regressions were performed for each speaker in R
using the RStudio software package to predict nasality of pre-nasal vowels based on phoneme identity
and duration, with the vowel [a] as a baseline.
3. RESULTS AND DISCUSSION
3.1. Ultrasound results

All contrasts between the pre-nasal and non-prenasal contexts were significant (p<0.05) for all
speakers except for A4 (though the direction of the
effects was not consistent), who showed insignificant differences between the pre-nasal and non-prenasal contexts for [a, ø]. However, only for Speaker
A3 were results consistent with the predicted direction of the effects (i.e., high vowels should be higher
than their non-pre-nasal counterparts). Figure 2 illustrates the vowel [i] in all pre-nasal and non-prenasal contexts produced by Speaker A3.

3.2. Acoustic results

Average DER rates of pre-nasal vowels are lowest
for low vowels (35.8%), in comparison with mid
(52.7%) and high (58.4%). Within controls, contrastive nasal vowels are on average at least 83.2%
nasal, while non-high oral vowels are at most 2.6%
in non-nasal settings. High vowels have slightly elevated DER means in these same settings ([i, y, u]
= 11.5%, 5.8%, 17.2%) due to occasional diminished or turbulent oral energy which may dip beneath these vowels’ consistently low nasal energy.
Post-voiceless obstruent vowels were particularly
affected, suggesting high vowel devoicing, a common process in QF (inapplicable next to nasal consonants) [12]. The failure of nasometry to accurately
account for voiceless segments is a known problem
[2] and may, in the future, be controlled for.
The relationship between nasality and vowel duration of all VN tokens is plotted in Figure 3 for individual speakers. The dashed horizontal lines indicate 50% nasality. Point colour and line style of
linear regressions differentiate vowel heights.
Speaker A2 shows no significant effects of nasality, potentially due to task-induced hypercorrection.
Speaker A3’s front high vowels are, in general, significantly nasal (p<0.01 for [i], p<0.001 for [y]),
though nasality falls significantly for [y] as duration
increases (p<0.01). Nasality equally falls for [i], but
not significantly (p=0.73). Speaker A4’s low vowel,
which, again, served as his regression’s baseline, is
significantly nasal (p<0.001) with an average DER
of 78.4%, though this nasality falls significantly with
duration (p<0.05), being on average 35.1% at its
longest rates. Vowels [ø, i, y] are significantly less
nasal than his low vowel (p<0.01, p<0.01, p<0.05,

Figure 2: Ultrasound tongue images of oral [i] for
speaker A3 in pre-nasal (blue splines) and nonpre-nasal (red splines) contexts. Tongue tip is on
the left and tongue root on the right.

For Speaker A2, [i, o] are significantly lower in
the pre-nasal context, in pairwise comparisons with
pre-oral and word-final contexts ([i] p<0.001 for
both, [o] p<0.01 for both). Only in the case of [a] did
the pre-nasal context exhibit higher tongue height
values, significantly so (p<0.001 for both). Results
for Speaker A4 were similar to those of Speaker
A3 in that the pre-nasal context showed significantly
(p<0.01 for both) higher mean tongue heights for [y]
and [u], but not for [i] or [o]. In fact, mean tongue
height for [i] in the pre-nasal context was considerably lower than in the non-pre-nasal context (approximately 5% lower). For Speaker A5, only [o]
had a higher mean maximum tongue height in the
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Figure 3: % nasality (DER) vs. duration, by
height and speaker; VN context

Table 1: Tongue height displacement and significant nasalization, with predicted effects

A2
A3
A4
A5

Tongue height
[i, o] ↓ F1↑
[a] ↑ F1↓
All ↑ F1↓
[y, u] ↑ F1↓
[i] ↓ F1↑
[o] ↑ F1↓

DER
—

—

[i]*, [y]

F1↑

[i]*

F1↑

[i, y, u, e]*, [o]

F1↑

haviour is more in line with our hypotheses; namely,
tongue lowering on [i] reinforces its controlled nasal
salience, while raising of [y, u], which are not significantly nasal, may either diminish residual nasal percepts (in contrast with A3’s strongly nasal yet raised
[i]) or resituate the vowels closer to their acoustic,
oral targets. This same analysis applies to [o] in
speaker A5’s data; tongue height does not interact
with her controlled, nasalized high vowels and [e].
respectively), though [i] increases significantly in
nasality over time (p<0.05). Finally, speaker A5’s
vowels [e, o, i, y, u] are significantly nasal (p<0.01
for [u], p<0.001 for the rest). These vowels do not
fall significantly in nasality over time, with the exception of [o] (p<0.01). In summary, save for A2,
all speakers appear to control [i]-nasalization, and
speaker A5 additionally seems to target [y, u, e].
These results are reminiscent of Solé’s [31] findings that nasal phase duration increased proportionately to overall vowel duration duration in English,
yet remained constant in Spanish, which is reflective
of a difference of grammatical function of nasalization in the two (controlled in the former, mechanical
in the latter). Both types are present in our acoustic
data, according to vowel and speaker. Specifically,
even at more deliberate speech rates, most speakers’
pre-nasal high front vowels either remain within the
range of nasality demonstrated on phonemic nasal
vowels in French [27, 9] or increase in nasality with
duration; mid and low vowels generally do not.
Table 1 synthesizes the tongue height displacement and nasometric results for each speaker’s prenasal vowels, along with the predicted acoustic effects of each (all other things being equal). Asterisks
indicates a vowel whose DER either remains significantly high or increases significantly with duration.
Speaker A3’s general raising and subsequent F1
lowering may appear contradictory with her controlled [i]-nasalization, which should also raise F1.
However, this profile is suggestive of nasalized [i]raising in American English, which is argued not
to mitigate undesirable lowering of the vowel in
formant space [5]. Meanwhile, speaker A4’s be-

4. CONCLUSION
This paper examined whether regressive high vowel
nasalization, prominent in the literature, constitutes
a deliberate process in French. We identified two
confounding factors: (1) the relative shortness of
these vowels potentially inflating percentages, and
(2) the ease of nasal coupling on these same vowels.
We utilized ultrasound and nasometric instruments
to investigate the relationship between tongue height
position and the acoustic consequences of nasal coupling, and between nasality and duration. Consideration of duration allows for circumvention of (1),
while use of ultrasound imagery clarifies (2), given
evidence that speakers may subconsciously manipulate articulators for specific acoustic targets.
We presented acoustic evidence that nasalization
is controlled only for high front vowels (save for
one conservative speaker). Ultrasound results were
mixed, in that speakers’ lingual movements (when
differentiating at all) may serve either to increase
nasal salience of [i] or to undo displacement of its
height percepts due to nasal coupling. We reserve
judgment until additional articulatory factors effecting formant structure, such as tongue anteriority and
lip rounding, are examined and compared against
our vowels’ actual acoustic outputs.
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ABSTRACT
A robust typological finding is that languages
produce different degrees of labial constriction using
distinct muscle groupings and concomitantly distinct
lip postures. Past research has suggested that these
lip postures exhibit quantal biomechanical properties
that allow movement goals to be realized despite
variable muscle activation. We perform two sets of
computer simulations showing that these postures
are biomechanically robust, first to variation in the
activation levels of participating muscles, and
second to interference from surrounding muscles.
These results provide quantitative support for the
hypothesis that quantal biomechanical properties are
an important factor in selecting the groupings of
muscles used for speech movements.
Keywords: biomechanical simulation,
effects, phonetic typology, motor control

quantal

1. INTRODUCTION
Languages display a robust tendency to use different
lip shapes for different degrees of labial constriction.
Of the 451 languages in the UCLA Phonological
Segment Inventory Database (UPSID) [1, 2], 446
(99%) have a bilabial stop (e.g. /b/, /p/, /m/ or
variants), while only one language is reported as
having a labiodental stop (0.2%). Conversely, for
labial fricatives, 82 languages (18%) are reported to
have bilabial fricatives (e.g., /ɸ/, /β/), while 199
(44%) have at least one labiodental fricative (e.g.,
/f/, /v/). For approximants the story is different yet
again: only 6 languages (1.33%) have labiodental
approximants, while 336 (75%) have rounded
approximants (e.g., /w/, /ʍ/).
Although it is not without exceptions,
particularly in the case of fricatives, there is a clear
generalization across languages that labial stops are
typically produced using a flat constriction of the
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margins of both lips (Fig. 1a), labial fricatives using
contact between the lower lip and upper teeth (Fig.
1b), and labial approximants using lip rounding and
protrusion (Fig. 1c).
Figure 1: Typical lip postures for speech events.

(a)

(b)

(c)

In principle, this does not have to be the
case. A language could just as well produce different
degrees of constriction by varying the activation of a
single labial movement. For example, a language
could generate the voiceless bilabial stop, fricative,
and approximant as something like [p], [ɸ], and [ɸ].
Although
this
is
conceptually
straightforward, it is typologically unattested. That
is, given the knowledge that a labial sound is
produced with a certain degree of constriction, we
may predict other properties of the constriction, and
vice versa. This suggests that types of constriction at
the lips should not be specified by combinations of
independent parameters like the degree of
constriction plus the articulators involved, but rather
by more coherent, dedicated structures consisting of
a set of muscles that activate in fixed proportion to
one another, and are organized to generate a specific
output (e.g. [3, 4]).
An outstanding question is why these
structures are employed time and time again across
languages. In general, we may expect that structures
built for a task will tend to be robust to noisy,
everyday conditions. Such structures should allow a
large margin of error and optimize for feed-forward
function (i.e., operating without correction based on
immediate sensory feedback). Some speech
mechanisms have been described as having

properties of this kind, and are often associated with
the term “quantal.”
The term “quantal” has been applied to a
subset of non-linear effects in speech – traditionally
those that facilitate some auditory-perceptual goal
[5, 6, 7]. These nonlinearities correspond directly
with error range, such that a “quantal” region in
some function is a region in which large variation
(error) in one dimension effects little response in
some other (task) dimension. Although this literature
focuses on the auditory-perceptual domain, these
effects have been predicted to obtain across a variety
of sensory domains so long as such effects enhance
the feed-forward aspect of speech control [8].
Few biomechanical quantal effects have
been discussed in the literature (e.g., [9, 10, 11]).
Such effects have, however, been shown in
simulation studies of vocal tract structures, such as
the soft palate [12] and the larynx [13]. Similar
effects have been predicted for labial movements,
specifically labiodental fricatives [8], and have been
found for labial movements to limited degrees in
simulation studies: e.g., studies have shown that the
rounded, protruded lip posture for approximants is
robust to varying muscle activation when muscle
stiffness is simulated [14], and that both lip closure
for stops and protrusion for approximants are robust
to variation in muscle activation [15].
The goal of the present paper is to test for
quantal effects in the three canonical lip postures
described above. We did so by simulating lip
constrictions using a three-dimensional finiteelement face model implemented using the
biomechanical modelling platform Artisynth (e.g.
[16]; www.artisynth.org). Artisynth is capable of
simulating tissue biomechanics and the actions of
spatially fixed groupings of muscles in the vocal
tract. In addition to passive tissue mechanics, the
face model accounts for active muscle stress and
intrinsic stiffness, volume preservation, and gravity.
The facial muscles in the model that are relevant to
the simulations in this paper are shown in Fig. 2.
This paper extends the work in [15], adding
labiodentals to the simulations in Section 2, and
presenting new simulation results in Section 3.
Under the hypothesis that speech
movements are the outputs of discrete, functionally
independent structures, and that these structures are
selected for use in speech in part because they take
advantage of intrinsic quantal biomechanical
properties that help to produce reliable outcomes, we
predict that varying a single parameter in this model
– the activation at fixed ratios of an appropriate set
of muscles – will allow lips to achieve consistent
speech postures over a wide range of activation
levels, without reliance on feedback-based control
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(see [11]). This is tested in Section 2. In addition, we
expect the outcomes will be robust to interference
caused by surrounding muscle activations. This is
tested in Section 3. If borne out, these results will
provide a biomechanical basis for the robust
typological generalizations described above.
2. ROBUSTNESS TO VARYING ACTIVATION
To test for robustness to varying muscle activation,
we defined groupings of muscles based on known
muscle involvements in the three most widely
attested speech lip postures, corresponding to a stop
constriction (as in [p]), a fricative constriction (as in
[f]), and an approximant constriction (as in [w]). Lip
shapes were achieved by activating muscles up to a
maximum stress as indicated in Table 1. Simulated
postures for rest position, bilabial closure,
labiodental
constriction,
and
approximant
constriction are shown in Fig. 3.
Figure 2: Muscles in the face model: superior and
inferior peripheral orbicularis oris (OOPs/OOPi),
superior and inferior marginal orbicularis oris
(OOMs/OOMi), mentalis (MENT), risorius (RIS),
levator labii superioris alaeque nasi (LLSAN), and
levator labii superioris (LLS).

Table 1: Maximum muscle stress (kPa) used for
the three lip constrictions.
OOPs OOPi OOMs OOMi MENT RIS LLSAN LLS
Bilabial
closure
Labiodental
Approx.

–

–

30

30

20

20

–

–

–

–

–

26

26

26

36

50

40

40

–

–

–

–

–

–

The plot in Fig. 4 shows nonlinearities
occurring, as predicted, for all three labial postures.
The maximum stress values in Table 1 (equivalent to
100% of the x-axis in Fig. 4) correspond to an
average of about half of the absolute maximum
voluntary muscle contraction. Quantal regions
(relatively “flatter” parts of the plots) are enclosed in
gray boxes in Fig. 4, indicating the region of the
graph beyond which 95% of total distance from
maximum opening to maximum constriction has
been covered. Opening size for the labiodental was
calculated as the area between the lower lip and the
teeth, rather than the area between the lips, giving it
a larger initial opening (and prompting plotting as
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Figure 5: The results of the probabilistic sampling
simulations on the full range of OOP activation.
100

Muscle Activation Level (%)

The degree of quantality of a function (here
from activation level to size of lip opening) can be
quantified using the quantality score (Q-score)
proposed in [13]. Higher Q-scores indicate that the
function shows a region of significant change at
lower input values, but quickly stabilizes into a
region of low change at higher input values.
The Q-scores for the stop, fricative, and
approximants from the above simulations are 1.681,
0.670, and 0.728 respectively. Using the ranges
provided in [13], the stop output is strongly quantal,
while the fricative and approximant outputs are
moderately quantal. These results indicate that a
large range of possible muscle activation levels in a
feed-forward model can produce desired equivalent
postures using fixed sets of muscles.
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Figure 4: Size of lip opening as a function of
muscle activation for the three canonical postures.
Quantal regions (95%) are indicated in gray.
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(d) Approximant

40

(c) Fricative

(b) Stop

Size of opening (%)

(a) Rest position

The previous simulations showed that the canonical
postures used to produce the three degrees of labial
constriction are robust to variation in the activation
levels of the relevant muscle groups. A second
question is whether these postures are also robust to
interference from activation of surrounding muscles.
We performed two types of simulations
focusing on the robustness of the rounding gesture
used in approximants (generated by activating the
OOP) to interference from surrounding muscle
activations. The first type tested whether lip closure
produced by OOP activation remained stable in the
presence of surrounding muscle noise, while the
second tested the effect of different degrees of OOP
activation on this stability.
Rather than counting pixels, an automatic
measurement scheme was devised to handle the
large number of simulations. This consisted of
calculating the minimum opening size along a series
of cutting planes placed between the lips, and
resulted in smaller minimum opening sizes than
those reported in the previous section. To run the
simulations, we used the BatchSim tool, which
permits automatic probabilistic sampling of any
model parameter: in this case, muscle activations.
In the first simulation type, we sampled the
activation space of the OOP uniformly from 0% to
100% activation both without activation of any other
muscles (500 total samples; 481 successful), and
with other muscles (the muscles in Table 1 plus
depressor anguli oris, buccinator, depressor labii
inferioris, levator anguli oris, and zygomaticus)
excited randomly from a uniform distribution
between 0% and 10% activation (500 total samples;
475 successful). Unsuccessful samples were those
that resulted in invalid model states.

20

Figure 3: Postures for labial constrictions.

3. ROBUSTNESS TO SURROUNDING
MUSCLES

0

percentages on the y-axis). In all cases, the area was
calculated by counting pixels in the opening from
coronal images of the face and converting these to
mm2. Increased activation beyond the 100%
threshold yielded further compression for the stop
and fricative, and slightly more protrusion for the
approximant, but did not affect gross posture.
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The results of these simulations are shown
in Fig. 5. The left side shows activation of only the
OOP. Lip opening decreases with increased OOP
activation, but never to the point of complete
closure, as in the previous simulations. The right
side shows that even in the presence of noise from

4. DISCUSSION
The results of the simulations presented above lend
support to the hypothesis that the typologically most
frequent lip postures used in speech correspond with
quantal properties of those postures. It is important
to note that quantality is not a property of all sets of
muscle activations, as shown by [12].
The simulations in Section 2 show that each
set of muscles associated with the three canonical
postures generates large biomechanical quantal
regions where the target constriction is met,
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indicating robustness to intrinsic activation noise.
The simulations in Section 3 show that the quantal
region for lip rounding is also robust to extrinsic
noise from surrounding muscle activations.

15
5

10

Size of opening (%)

60
40

Size of opening (%)

80

20

25

100

Figure 6: The results of the probabilistic sampling
simulations on selected ranges of OOP activation.

0

20

surrounding muscle activations, the lip closure area
remains fairly stable, particularly at high OOP
activation levels, although the overall constriction
size decreases across the board. This greater overall
constriction is not surprising, since the majority of
the perturbed muscles serve to close the lips.
The second set of simulations sampled OOP
activation from a normal distribution with a mean of
10% and a standard deviation of 10% (low
activation; 500 total samples; 474 successful), and
from a normal distribution with a mean of 80% and
a standard deviation of 10% (high activation; 500
total samples; 481 successful). Both sets of samples
were in the presence of noise from other muscles
again sampled uniformly from 0% to 10%
activation. These results are shown in Fig. 6. The
correlation between OOP activation and lip opening
area in the low activation case was -0.88, and the
standard deviation of lip area was 17.37%. In the
high activation case, the correlation was -0.19, and
the standard deviation of lip area was 0.96%.
Welch’s two sample t-test shows that the opening
sizes are significantly different between the two
conditions [t(475.84) = 52.083, p < 2.2e-16], and
Levene’s test shows that the variance is significantly
different as well [F(1, 953) = 689.07, p < 2.2e-16].
Comparison of the two correlations using Fisher’s
transformation shows that the correlations are
significantly different [Z = -18.865, p < 2.2e-16].
The OOP muscle activation accounts for about 79%
of lip area variation at low activation, but only 3.5%
of lip area variation at high excitation.
These results indicate that the activation of
OOP for lip rounding gestures maintains relatively
consistent degrees of lip opening, even in the
presence of noise from the activation of surrounding
muscles, and that higher OOP activation results in
reduced interference from surrounding muscles.
Note that the area of higher activation tested in these
simulations corresponds roughly to the quantal
region shown in Fig. 4. This indicates that the same
quantal region of activation space is robust to both
intrinsic and extrinsic activation noise.
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The hypothetical unattested labial inventory
[p], [ɸ], and [ɸ] is less desirable because, as shown
in Fig. 4, the regions in which frication and
approximation are achievable using this muscle
configuration are biomechanically unstable,
providing uncertain, highly variable outcomes.
There is a general correspondence between
the degree of quantality of each constriction type
and its typological prevalence. The exception is the
labiodental fricative, which has a similar Q-score to
the approximant, but is less common crosslinguistically. It may be the case that the mechanism
used for bilabial fricative constriction is not the
same as that for bilabial stop closure (e.g., lip
compression, as in [18]), and that this mechanism
serves as a competing, though perhaps less effective,
quantal alternative to labiodental closure. These
simulations also do not include potentially relevant
factors such as aerodynamics that may help explain
tendencies such as voiced labiodental fricatives
alternating with labiodental approximants.
In addition to suggesting that biomechanics
contributes to the typological distribution of
canonical lip postures, this work also bears on
theories of speech motor control. The consistent use
of these specialized postures for different speech
sounds suggests that the primitive units of speech
motor organization should be modular muscle
groupings that activate in fixed proportion to one
another to perform a particular task – in this case, to
achieve a particular degree of labial constriction (see
[17, 3]). The present paper, we hope, demonstrates
the value of such structures, in the lips or otherwise,
for providing explanatory power for linguistic
phenomena like the typological patterns described
here, as well as narrowing the scope of potential
solutions to general problems in speech motor
control and articulatory speech synthesis. We
anticipate similar value in understanding phenomena
in phonetics, phonology and sound change.

5. REFERENCES
[1] Maddieson, I. 1984. Pattern of Sounds. Cambridge,
UK: Cambridge University Press.
[2] Maddieson, I. & Precoda, K. 1990. Updating UPSID.
UCLA Working Papers in Phonetics. Department of
Linguistics, UCLA, 104–111.
[3] Gick, B., Stavness, I. 2013. Modularizing Speech.
Frontiers in Psychology 4, 977.
[4] Gick, B., Schellenberg, M., Stavness, I., Taylor, R.
2018. Articulatory Phonetics. In: Katz, W.F.,
Assmann, P. (eds), The Routledge Handbook of
Phonetics. Ch 5. New York: Taylor & Francis.
[5] Stevens, K.N. 1972. The Quantal Nature of Speech:
Evidence from Articulatory-Acoustic Data. In: David,
E.E. Jr., Denes, P.B. (eds), Human Communication: A
Unified View. New York: McGraw-Hill, 51-66.
[6] Stevens, K. 1989. On the quantal nature of speech.
Journal of Phonetics, 17, 3-45.
[7] Stevens, K., Keyser, S.J. 2010. Quantal theory,
enhancement and overlap. Journal of Phonetics, 38,
10-19.
[8] Fujimura, O. 1989. Comments on “On the Quantal
Nature of Speech,” by K.N. Stevens. Journal of
Phonetics, 17, 87-90.
[9] Fujimura, O., Kakita, K. 1979. Remarks on
quantitative descriptions of the lingual articulation. In:
Lindblom, B., Öhman, S. (eds), Frontiers of Speech
Communication Research. New York: Academic
Press, 17-24.
[10] Perkell, J.S., Matthies, M.L., Tiede, M., Lane, H.,
Zandipour, M., Marrone, N., Stockmann, E.,
Guenther, F.H. 2004. The distinctness of speakers’
/s/-/ʃ/ contrast is related to their auditory
discrimination and use of an articulatory saturation
effect. Journal of Speech, Language, and Hearing
Research, 47(6), 1259-1269.
[11] Perkell, J.S. 2012. Movement goals and feedback
and feedforward control mechanisms in speech
production. Journal of Neurolinguistics, 25(5), 382407.
[12] Gick, B., Anderson, P., Chen, H., Chiu, C., Kwon,
H.B., Stavness, I., Tsou, L., Fels, S. 2014. Speech
function of the oropharyngeal isthmus: A modeling
study. Computer Methods in Biomechanics and
Biomedical Engineering: Imaging & Visualization,
2(4), 217-222.
[13] Moisik, S., Gick, B. 2017. The quantal larynx: The
stable regions of biomechanics and implications for
speech production. Journal of Speech, Language and
Hearing Research, 60, 540-560.
[14] Nazari, M.A., Perrier, P., Chabanas, M., Pavan, Y.
2011. Shaping by Stiffening: A Modeling Study for
Lips. Motor Control, 15(1), 141-168.
[15] Gick, B., Stavness, I., Chiu, C., Fels, S.S. 2011.
Categorical variation in lip posture is determined by
quantal
biomechanical-articulatory
relations.
Canadian Acoustics, 39(3), 178-179.
[16] Stavness, I., Lloyd, J.E., Fels. S.S. 2012. Automatic
Prediction of Tongue Muscle Activations Using a

1753

Finite Element Model. Journal of Biomechanics,
45(16), 2841-2848.
[17] Safavynia, S.A., Ting, L.H. 2013. Sensorimotor
feedback based on task-relevant error robustly predicts
temporal recruitment and multidirectional tuning of
muscle synergies. Journal of Neurophysiology, 109,
31-45.
[18] Okada, H. 1991. Japanese. Journal of the
International Phonetic Association, 21(2), 94-96.

THE [æ]NDS OF THE EARTH: AN INVESTIGATION OF THE DRESS
AND TRAP VOWELS IN NORTHERN QUEENSLAND
Adele Gregory
James Cook University
adele.gregory@jcu.edu.au

ABSTRACT

New South Wales, Australia (NSW) and one town
in the state of Victoria, Australia and found that /e/
merges with /æ/ pre-laterally for Victorian speakers but not in the speech of participants from NSW.
They concluded [7, pg 12] that their results “provide evidence for regional variation in AusE that
can be attributed to state affiliation.” Loakes and
her collaborators [14, 15, 16, 17] have extensively
examined the /el/-/æl/ sound change and also found
regional effects both acoustically and perceptually.
This merger occurs in Victoria and is believed to
be motivated by the interaction of increasing lateral
velarisation, increasing vowel lowering and misperception/misparsing of the phonetic signal. Overseas
it has been noted that a merger of /e/ and /æ/ occurs
before /l/ in the closely related New Zealand English
dialect [2].

Acoustic studies of Australian regional dialects have
predominantly focused on the southern varieties of
Australian English (AusE). This study presents formant frequency data for 10 female and 7 male
Northern Queensland (NQ) speakers. Specifically
the /e/ and /æ/ vowels in pre-lateral and pre-nasal
conditions were analysed and compared with baseline /e/ and /æ/ values measured from controlled
/hVd/ frames. The results reveal that for some
speakers /e/ converges with /æ/ pre-laterally however for other speakers the two phonemes remain
distinct. Pre-nasally the /e/ and /æ/ contrast is completely neutralised in the F1/F2 plane. However duration may serve as a contrastive cue to differentiate
between two vowel categories, with /æ/ vowels tending to increase in duration pre-nasally.

1.2. /e/ and /æ/ in pre-nasal environments

Keywords: Australian English, regional variation,
lateral, nasal

Many dialects of English demonstrate an allophonic
raising and fronting of /æ/ in pre-nasal contexts
[13, 18]. In AusE there have been a number of studies across more than 100 years about the nasalisation
of /æ/ [9]. Cox and Palethorpe [8] have previously
found that for young female Sydney speakers there
was a phonetic raising of the nasal allophone which
created an an extensive allophonic split in the production of nasalised and oral /æ/. Mielke et al. [18,
pg 333] has suggested that “nasalization has a strong
effect on F1-lowering in low vowels, altering their
perceived height and may also raise F2 for low vowels.”

1. INTRODUCTION
Accent variability in Australian English (AusE) was
previously described chiefly along the continuum
of Broad, General and Cultivated [19]. This variability was primarily associated with an individual’s
production of AusE vowels [7]. These categories
were primarily sociological and not linked to geographic region. Currently these categories are less
helpful due to the significant changes undergone by
the AusE vowel system and the declining use of the
Broad and Cultivated varieties [6, 10, 11]. As a result recent studies have been undertaken to determine whether there is variability in the pronunciation of AusE and have found that there is some variation in the Australian accent and that it can be linked
to region [1, 3, 5, 6, 7, 10, 14, 15, 16, 17].

1.3. Aims

Whilst both of these phonetic environments have
been well studied in other dialects of English, there
is little data available for AusE from outside the
states of Victoria and NSW. As a consequence, examining one of the northernmost extremities of Australia will provide an interesting counterpoint to the
current discussion of regional variation in AusE. To
contribute to the ongoing work, the present study
provides formant frequency values for /e/ and /æ/

1.1. /e/ and /æ/ in pre-lateral environments

Regional variation has been observed in the pronunciation of /e/ and /æ/ non-/hVd/ environments.
Cox and Palethorpe [7] analysed the speech of rural
adolescent girls living in three towns in the state of
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from young NQ speakers in three conditions, /hVd/,
/CVl/ and /CVn/. The study aims to draw attention
to a regional dialect of Australia and provide experimental phonetic data relating to it.

2.3. Analysis

Speech data were sampled at 48kHz with 16 bit
resolution. Audio data were first processed using the WebMAUS automatic aligner [12, 20] for
which an AusE model is available. The automatically generated annotations and formant trajectories
were manually checked and hand corrected in the
EMU-webApp [22]. The vowel target for /e/ and /æ/
was identified with the steady state portion of each
vowel. [1, 4]. Data from the first two formants (F1
and F2) were extracted in three conditions /hVd/,
/CVl/, and /CVn/. For all three conditions the formant frequency means and standard deviations were
calculated for each vowel represented in that condition. Formant plots were then created for the data
based on the mean F1 and F2 values for vowel targets. This analysis was repeated for both the females and males in the study due to significant difference due to gender. Mean formant values were
compared in each condition with a Student’s t-test
being conducted to ascertain whether observed differences were significant.

2. METHODOLOGY
2.1. Participants

10 females and 7 males between the ages of 17
and 22 (mean age 18.1 and 18.6 respectively)
were recruited through James Cook University in
Townsville, Queensland. Subjects selected for
the present study were born in Australia and had
lived in NQ (defined as the region extending from
Townsville in the south to Cairns in the north and
west to the Atherton Tablelands) for at least the past
10 years (see Fig. 1).
Figure 1: Map of North Queensland.

3. RESULTS
In Fig. 2 and 3 /e/ and /æ/ are plotted utilising vowel
ellipses with 95% confidence regions in the three
conditions. The initial /hVd/ condition show clear
separation of the two realisations in the F1/F2 plane
with /e/ located at the mid close position whilst /æ/
occupies a near open location.
3.1. CVl

In the /CVl/ condition the /e/ lowers relative to the
/hVd/ condition. There was a significant difference
in mean female F1 and F2 frequencies, t(118)=4.3, p<0.001 and t(118)=6.4, p<0.001 respectively.
This increase in mean F1 and F2 frequencies was
accompanied by an increase in the standard deviation indicating greater variability in production. In
contrast in the same condition /æ/ did not significantly alter in its F1 position, t(117)=1.9, p=0.061
or F2, t(117)=1.9, p=0.066. These trends were evident in the male data (/e/ F1 t(82)=-2.9, p<0.005,
F2 t(82)=6.5, p<0.001; /æ/ F1 t(82)=0.27, p=0.785,
F2 t(82)=1.9, p=0.065). There is thus an increasing
level of overlap in the phonetic realisation of these
categories in this condition as seen in Fig. 2 and 3.
However, despite the movement of /e/ pre-laterally
and increased variability in the data, the two phonological categories maintain their distinctiveness with
statistically significant differences between /e/ and
/æ/ in both F1 and F2 mean values (female F1

2.2. Data Collection

Speakers read 13 AusE vowels in the fully stressed
/hVd/ contexts in citation from flash cards in order
to create a NQ vowel space. In addition five pairs
of words contrasting /e/ and /æ/ were also elicited in
order to produce the contexts for /CVl/ and /CVn/.
In total of 33 words were written on flash cards.
Each participant read through the flash cards twice,
shuffling between each turn and between each participant. Speakers were recorded with a Zoom iQ5
Mid-side (M-S) stereo mic. If a word was produced
incorrectly, the participant was asked to repeat it.
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p<0.001).
When examined by speaker, NQ speakers exhibited a large degree of individual variation. Three female speakers (30%) and two male speakers (29%)
showed a full merge of /e/ and /æ/ pre-laterally. The
other participants had statistically different (p<0.05)
realisations.

Figure 2: NQ female /æ/ and /e/ vowel ellipses in
/hVd/, /CVl/ and /CVn/ conditions.

3.2. CVn

In the /CVn/ condition the /æ/ raises comparative to
the /hVd/ condition. There was a significant difference in F1 mean frequency in the /CVn/ condition
compared to the /hVd/ condition for both female and
male speakers respectively: t(111)=10.1, p<0.001
and t(80)=7.4, p<0.001. The /æ/ vowel was additionally realised as a more fronted variation with a
significant difference in F2 from the /hVd/ condition, female t(111)=-10.4, p<0.001 and male t(80)=9.9, p<0.001. There was individual variation in this
realisation, with 4 female (40%) and 2 male (29%)
speakers recording significant differences (p<0.05)
between their /e/ and /æ/ realisations pre-nasally.
3.3. Duration

As a consequence of these results the mean duration of the /e/ and /æ/ vowels in the three conditions
was explored, as duration has previously been recognised as providing contrasting vowel cues in overlapping vowel categories [21]. As seen in Fig. 4 and
5in the /hVd/ environment the expected difference
in duration between the typologically short and long
vowel is evident with significant difference in duration evident for both females and males.
In the /CVl/ condition both vowels are significantly shorter in length than in the /hVd/ condition
(/e/ female t(119)=9.0, p<0.001, male t(83)=4.7,
p<0.001 and /æ/ female t(118)=6.0, p<0.001, male
t(83)=5.2, p<0.001). Despite the reduction in length
a significant difference duration between /e/ and /æ/
is still maintained.
The duration of /e/ in the /CVn/ condition has
similar mean lengths as those recorded in the /hVd/
condition, female: 149ms vs. 151ms, t(120)=0.4,
p=0.679; male: 134ms vs. 141ms, t(83)=0.8,
p=0.418. In contrast the duration of /æ/ in the /CVn/
condition increases from means of 191ms for females and 183ms for males to 309ms and 258ms respectively.

Figure 3: NQ male /æ/ and /e/ vowel ellipses in
/hVd/, /CVl/ and /CVn/ conditions.

4. DISCUSSION
t(198)=-8.2, p<0.001 and F2 t(198)=7.7, p<0.001;
male F1 t(138)=-4.8, p<0.001 and F2 t(138)=4.0,

The present data reveals that AusE has more regional variation than previously understood. The
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in the /CVl/ context. It is hypothesised that this is the
co-articulatory effect of the following velar lateral
rather than an attempt to utilise duration to disambiguate the vowel categories. However further research is needed to determine whether dimensions
other than vowel quality such as duration are being
utilised to produce and perceive the contrast. Perception studies are also required to identify whether
those who do combine these categories in NQ have a
bias in perceiving the contrast. Cox and Palethorpe
[8] have previously found that /æ/ raised and fronted
pre-nasally for a proportion (66%) of young female
adults from Sydney. The present study found similar proportions of both males and females from
NQ also raised and fronted /æ/ pre-nasally. In both
the /hVd/ and /CVn/ conditions, /æ/ is significantly
more fronted than /e/ (p<0.001) whilst /e/ does not
significantly differ in this dimension. In the /hVd/
and /CVn/ conditions /e/ has been found to be significantly phonetically raised from /æ/ pre-nasally
[8]. This contrasts with the current findings where
/e/ and /æ/ in the /CVn/ condition are not significantly different in mean F1 values. Mean duration
of /æ/ was also found to have increased in the /CVn/
condition in line with previous results from another
AusE dialect [8]. This suggests that speakers from
NQ are utilising duration in a similar way to differentiate between two merged vowel categories.

Figure 4: NQ female /æ/ and /e/ vowel duration
in /hVd/, /CVl/ and /CVn/ conditions.

Figure 5: NQ male /æ/ and /e/ vowel duration in
/hVd/, /CVl/ and /CVn/ conditions.

5. CONCLUSION
This study has explored regional variation in Australia by focusing on one of the geographic extremes
of the continent. It provides formant frequency data
for both female and male NQ speakers specifically
focusing on /e/ and /æ/ in conditions known for regional differences. Some NQ speakers demonstrate
features not seen before outside of Victoria. NQ
speakers also utilise a strategy evident in NSW to
differentiate between /e/ and /æ/ pre-nasally. This
work aids in our understanding of the differences apparent in AusE based on region and in the future may
provide a basis for looking at any trends or patterns
of change in the vowels of NQ.

lowering of /e/ before /l/ has previously only been
described in Victoria [7, 16]. Loakes et al. [16]
found that not all speakers in Victoria merge /e/ with
/æ/ pre-laterally, but in fact some combine, some
maintain and some transpose. NQ data demonstrates
a similar pattern where some speakers have a realisation that overlaps /e/ with /æ/ in this condition but
some maintain the differentiation. However in contrast to Victoria, where 70% of speakers in the study
were found to have combined these categories, in
NQ 70% of speakers were found to have maintained
distinctive realisations. The results show that this
pattern is not dominant in NQ, with a large proportion of speakers continuing to maintain the contrast.
However it is suggested that based on the large degree of variability in the /CVl/ condition some NQ
speakers may be in the process of merging these
categories akin to speakers in Victoria. Future research longitudinally will need to be conducted in
order to ascertain this. The present duration data
shows that both vowels have lower mean durations
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ABSTRACT
This study presents the findings of an analysis of short
front vowel (SFV) realisations in a corpus of
unscripted conversational speech generated by 40
young speakers from Perth. As well as providing the
first comparative account of SFV realisations in that
location, we consider the extent to which the
realisational variability observed is associated with
properties of the continuous unscripted speech style
that are known to influence spectral and temporal
properties of vowels.
Keywords:
Sociophonetic
variation,
vowel
realisations, English in Australia, conversational
speech.
1. INTRODUCTION
This paper presents findings from a study of the
sociophonetic properties of vowel realisations in
unscripted conversations between young speakers
from Perth, Western Australia. Unscripted
conversational interaction is by far the most common
speech style that speakers engage in, and is therefore
the natural environment in which to test for sociallystructured variability. It is, however, the style that we
know least about for Australian varieties of English,
since, with few exceptions [e.g. 16], the majority of
acoustic phonetic studies have focused on isolated
word tokens (mostly controlling for consonantal
context by using an /hVd/ frame).
Beyond addressing this particular lacuna in our
knowledge of Australian English (AusE), our focus
on conversational speech style is also motivated by
the fact that models of phonological representation
and theories of sound change are increasingly hinged
on listeners’ processing and representation of the
ambient speech that they experience as participants in
a speech community. This is not a new development
(cf. Ohala’s model of the listener’s contribution to
change [24,25]). However, it has moved centre-stage
as a consequence of the development and testing of
models of processing and representation with an
episodic dimension (e.g. [15,17,18]), and is reflected
in recent work on topics such as perceptual sensitivity
to sociophonetic variability ([28]), speech
accommodation ([1,26]), and on modelling of the
prior information that listeners bring to speech
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processing tasks [19]. It is therefore important that we
understand the nature of listeners’ routine experience
as participants in a speech community, something
which is not adequately captured by accounts of
isolated word realisations.
Previous work [6,22,29] suggests we should expect
conversational style realisations of vowels to be quite
different from those found in controlled isolated
words tasks, for example in the form of spectral and
temporal reduction, and greater variability arising
from variations in tempo, context, prosody, speaker,
etc. In this study, we focus in particular on varying
degrees of vowel reduction. Research stretching back
over 40 years suggests that at least the following
factors may be associated with greater levels of
reduction [5,6]: shorter vowel duration; high
frequency words; words with lower neighbourhood
density; more predictable words; repeated mentions
of words; words in a more casual speaking style. Of
particular interest is evidence pointing to
sociophonetic features gravitating towards those
contexts favourable to greater reduction [5,21,23].
Therefore, these factors are more than simply
potential confounds in our characterisation of vowel
realisations in conversational speech – they might in
fact need to be closely woven in to an account of any
sociophonetic variability that surfaces. Hence, our
current analysis sets outs to consider the extent to
which factors such as these are relevant in accounting
for the realisations that we have captured in our Perth
sample. Specifically, our question is what factors
(social and contextual) impact on the degree of vowel
reduction in the short front vowel lexical sets in the
unscripted performance of our Perth speakers?
While there have been relatively few apparent- or
real-time studies of sound change in AusE, there is
compelling evidence of the short front vowel (SFV)
series (KIT, DRESS TRAP) having participated in a
complex series of changes over the last 100 years or
so. In a study drawing on a range of sources (the
oldest of which was a set of speakers born between
1885 and 1895), Cox & Palethorpe [8] note that
change in the realisation of SFVs has altered direction
over the past 40-50 years. In the earlier material,
speakers of AusE were characterised by a general
raising of the SFVs, which Cox & Palethorpe suggest
was triggered by a raising of TRAP in a “push-chain”
type of shift. In more recent recordings, however, it is
clear that following a reversal of the TRAP trajectory,

such that it is now produced with a much lower
realisation, all of the SFVs have lowered or are
continuing to lower compared to their earlier
realisations. Cox & Palethorpe note that this is akin to
what would be expected with a drag-chain model of
vowel shift. Other recent studies of vowel realisations
in AusE [3,7,12] confirm the overall finding of SFV
lowering, but they also reveal more accentuated
lowering of DRESS and TRAP in particular (Figure 1).
Figure 1: Mean F1/F2 frequencies for KIT, DRESS
lexical sets reported by Cox [7] (C),
Billlington [3] (B), and Elvin, Williams & Escudero
[12] (E). Female/male speakers in darker/lighter
shade respectively.
TRAP

The differences evident in Fig. 1 could be because
the studies shown are of different varieties (B’s
speakers are from Melbourne, E’s are from Western
Sydney, which the authors argue cannot be conflated
with C’s material from Sydney [13]). However, what
they reveal is considerable variability in the
realisation of a series of vowels that have been
undergoing change over many generations.
Our analysis enhances our understanding of this
aspect of AusE by providing data from a location that
has previously not been subject to investigation. By
analyzing SFV realisations in conversational speech
we are able to establish the extent to which
conventional assumptions about the configuration of
SFVs also apply in that style, and we are able to test
for the effects of some of the factors inherent to that
style on patterns of realisation.
2. METHODS
The participants in the study were all young people
living in Perth (aged 18-22), having been entirely
schooled (from age 5) in the city (n= 40, 20 females
and 20 males). Speakers were classified by whether
or not they resided in neighbourhoods ranked by the
Australian Bureau of Statistics to be in the top socioeconomic decile. This classification acts as a proxy
for social class, allowing us to test the hypothesis,
arising from anecdotal comments, that speakers from
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higher ranking neighbourhoods are identifiable by
their phonetic characteristics. Neighbourhood
selection was balanced equally through the sample;
the higher SES neighbourhoods are referred to as
NhoodA, and the others as NhoodB.
Speakers participated in same-sex conversational
dyads in which they were invited to converse without
a script for c. 30 minutes. Most speakers were known
to each other in advance but with varying degrees of
familiarity. A fieldworker was present in the room to
manage the recording process but only intervened on
the rare occasion that the participants struggled to
maintain the conversation.
The recordings for each speaker (44Khz/
16 bit) were segmented in Elan (starting 5 minutes in
to each recording) and force-aligned within LaBBCAT [14] using HTK [30], with manual correction of
misalignments. Findings are reported below for
realisations of the KIT, DRESS and TRAP lexical sets (a
total of 2,168 tokens). The vowels analysed were
produced in a range of consonantal environments, but
pre-/l, w, j/, pre-nasal, and post-/w, j, r/ environments
were excluded from the present analysis, as were
tokens that were located in grammatical words.
Using default settings in Praat [4], F1/F2 tracks
were estimated for each vowel (all lexical words
whether or not in accented position). For the present
analysis, the frequencies of F1 and F2 were calculated
at the midpoint of each token of the KIT, DRESS and
TRAP lexical sets (see [11] for caveats on this static
approach to vowel description). For the present
purposes, it was decided not to normalise the F1/F2
measurements, in order to provide a basis for
comparison with previous studies.
3. FINDINGS
3.1. SFV distributions

Figure 2 shows the distribution of realisations of the
three SFVs separately for females and males. For
comparison, Fig. 2 also shows the mean values for
each vowel as reported by Cox [7], Billington [3], and
Elvin et al [12] reproduced from Fig. 1.
It can be seen that the mean F1/F2 values for each
of the SFVs are more reduced than those reported for
the isolated word tokens in previous studies; i.e. more
centralised and somewhat more compressed within
F1/F2 space. The three mean values are fairly evenly
spread, but it is clear that the mean values themselves
are not an adequate representation of the significant
variability associated with the realisation of each
vowel, nor of the substantial overlap between the
three categories. In particular, for both males and
females, DRESS realisations appear to overlap
substantially with the other two categories. This
suggests that the configuration of the SFV series in
this variety is not particularly driven by separation of
contrasting vowels in routine conversational speech.

Figure 2: Mean F1/F2 frequencies (Hz) for KIT,
DRESS & TRAP within the Perth corpus. Ellipses
centred around the means at 95% CI. Top panel:
females; bottom panel: males. Isolated word SFV
means reported by [7] (C), [3] (B), and [12] E
reproduced from Fig. 1 shown in small squares.

3.1. Degrees of vowel reduction

In order to shed light on factors influencing the degree
of reduction in SFV realisations, we adopted an
approach previously used by DiCanio et al [10]. For
each speaker we identified a vowel realisation
centroid based on the grand mean of monophthong
realisations (across the full range of monophthong
lexical sets with the exception of schwa and FLEECE
– the later often being realised as a diphthong by
speakers of AusE). The reduction of each
monophthong token was equated to the Euclidean
Distance (ED) in Hz between the midpoint F1/F2 for
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that token and the speaker-specific centroid; i.e. the
larger the ED the less the reduction.
We undertook mixed-effect regression modelling
of our data in order to test for an association between
the extent of vowel reduction and a range of factors
hypothesised to be relevant in accounting for
variability in degree of reduction. After a preliminary
analysis to identify the predictors that improved the
model, the following predictors were used as fixed
factors in the final model: vowel duration, speaker
sex, neighbourhood, syllable count (# syllables in the
item), first mention (vs. 2nd or subsequent mention)
and word frequency. The random intercepts were
speaker and words; no interactions were tested.
Factor significance was determined using lme4 [2] in
R [27] and calculated using the Satterthwaite
likelihood t-tests. Corpus neighbourhood density was
calculated using an R script which identifies distances
between words in the corpus based on their
similarities using an approximate string matching
function. Word frequencies were determined using
CELEX; we used the CobLog frequency, which is the
logarithmic frequency of the COBUILD corpus,
comprising over 17m words.
No significant effects were found for syllable
count, first mention and word frequency. The overall
model showed that the significant predictors were
duration (χ2(1) = 11.566, p < 0.001), sex (χ2(1) =
29.367, p < 0.001), Nhood (χ2(1) = 4.5553, p =
0.0328), and vowel (χ2(2) = 181.78, p < 0.001). The
analysis shows that longer vowels were less reduced
(β = 296.36, df = 2116.92, p = 0.0007), males showed
more reduction than females (β = -90.99, df = 35.41,
p < 0.0001), speakers of Nhood B showed more
reduction than those in Nhood A (β = -30.25, df =
34.77, p = 0.0407) and KIT showed overall less
reduction than DRESS (β = -197.12, df = 370.05, p <
0.0001) and TRAP (β = -169.45, df = 465.44, p <
0.0001). The latter effect is a by-product of the
method adopted for measuring degree of reduction;
all else being equal, KIT realisations are collectively
further from speakers’ centroid values than DRESS or
TRAP, and show less dispersion in the F1 plane. Fig.
3 shows a summary of the modelling analysis.
We subsequently ran individual models separately
for each SFV. This allowed us to observe what factors
were significant for each vowel. DRESS yielded
significant differences for Sex (β = -74.72, df = 33.69,
p < 0.0001) and Nhood (β = -31.01, df = 33.37, p =
0.048), with Males and Nhood B showing more
reduction than Females and Nhood A speakers (see
panel A in Fig 4). KIT showed significant differences
for Sex (β = -129.41, df = 35.89, p<0.0001) and
Duration (β = 615.23, df = 641.84, p = 0.0025), with
Males and shorter vowels showing more reduction
(see panel B in Fig. 4). TRAP also showed significant
differences for Sex (β = -0.07681, df = 4392.77, p <
0.0001) and Duration (β = -0.07681, df = 4392.77, p

< 0.001), with Males and shorter vowels showing
more reduction (panel C in Fig. 4).
Figure 3: Summary of the significant findings of
the overall mixed effects model (see text for
details), plotted using the R package sjPlot [20].

of an ED-based measure of reduction anchored on
speaker-specific centroids goes a long way to
capturing the intrinsic acoustic differences between
male and female vowels, it may not have eliminated
differences arising from the overall area covered by
the male vs. female vowel spaces (evident in Fig. 2).
3. DISCUSSION

Figure 4: Predicted Euclidean Distance (ED)-based
measures of vowel reduction arising from the
independent models for KIT, DRESS, and TRAP
(>ED = < reduction, see text for details), plotted
using the R package sjPlot [20].

nhood

Our quantitative analysis therefore points to
realisational patterns of the SFVs being influenced by
the overall duration of the vowel as expected, and also
by sex and neighbourhood. However, these factors
are not at play equally throughout the SFV set; for
example, while duration appears to be the predictor
with the greatest weight, it is not significant in the
realisation of DRESS. Sex is the one predictor that is
consistently significant across all three SFVs, with
female speakers showing less reduction than male
speakers, but caution and further investigation are
called for before it can be concluded that this reflects
a male vs. female stylistic difference. While the use
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The findings of our analysis shed new light on the
realisation of SFVs by English speakers in Australia.
The mean F1/F2 measures for the conversational
tokens of our Perth speakers are more reduced and
compressed than those of the isolated word studies
previously reported. Our analysis has also revealed a
wide range of variation in each of the SFVs, together
with substantial areas of overlap between KIT and
DRESS and DRESS and TRAP (and for male speakers
between all three). The factors associated with
reduction and compression in the connected speech
style appear to outweigh any drive to maximise the
distinctiveness of the three vowels. The experience of
listeners in the Perth speech community is therefore
not one in which the SFVs can be neatly partitioned
into relatively distinct distributions in vowel space,
which in turn has potential implications for how we
theorise about the nature of any changes under way in
this variety (and potentially other varieties of AusE).
Our findings also highlight the importance of
ensuring that when testing for the impact of social
factors on the realisation of vowels in connected
speech materials, it is vital to build in an assessment
of the full range of contextual factors that could be
influential in relation to those vowel distributions; in
this case, vowel duration proved to be significant for
the SFVs overall and for two of our vowels
independently. The fact that duration proved to be
significant in vowels that are by definition “short” is
quite striking, as short vowels are inherently less
capable of varying in duration. Our expectation is that
this would be even more marked in other lexical sets.
In this regard though, we note though that it is
important to assess the extent to which duration
operates independently of lexical accent as a predictor
of degree of reduction. Likewise, it would be useful
to test for the influence of some of the other
contextual factors (such as lexical frequency,
neighbourhood density etc.) on lexical sets that are
less temporally constrained. These are all matters for
further investigation.
(Research funded by the Australian Research Council
DP130104275).
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ABSTRACT
This paper investigates a merger-in-progress of /e//æ/ in prelateral contexts for speakers of Australian
English in Victoria. Twelve participants (7F, 5M)
were recorded producing a wordlist resulting in
acoustic and concurrent articulatory data via
stabilised mid-sagittal ultrasound tongue imaging.
Focusing on a subset of the data comprising short
front vowels /ɪ, e, æ/ in /hVt/ and /hVl/ contexts,
findings show that there are robust acoustic
differences between /e/ and /æ/ preceding /t/, as
anticipated. However, individual differences emerge
for /e/ and /æ/ preceding /l/, with highly gradient
production patterns across the speakers, ranging from
speakers who exhibit merger behaviour to those who
maintain categorical distinctions. The evidence for
merging behaviour across speakers is similar, but
does not map directly, across both the acoustic and
articulatory data, and illustrates the value of
incorporating a range of data types in investigating a
merger-in-progress.
Keywords: Australian English, /el/-/æl/ merger,
acoustics, articulation, ultrasound
1. INTRODUCTION
A merger of /e/ and /æ/ in prelateral contexts has been
reported among speakers of Australian English
(AusE) in southern parts of Victoria [4, 18, 20, 21] (as
well as in other English varieties [8, 14, 27]). In
locations where it occurs, it appears to be completely
entrenched for some community members, but still in
progress for others (e.g. [19] for L1 Australian
Aboriginal English speakers vs. mainstream AusE
speakers in the Warrnambool region). Since the
merger is not found consistently among all speakers
in southern Victoria, it is more accurately described
as a merger-in-progress (see e.g. [13]). Previous work
adopting an acoustic phonetic methodology to
determine the extent of this merger in production
shows that merged speakers tend to acoustically
merge /el/ with /æl/ [4, 21], while non-merging

1764

speakers have a very low and retracted /e/ before /l/,
but still keep the vowels distinct [18, 21].
There have also been investigations into the
perception of this merger by AusE speaker-listeners
via vowel categorisation tasks. These show varying
degrees of merger in perception, with some listeners
answering at random when they are faced with /el/
and /æl/, and others maintaining a distinction [7, 18].
While not directly aligned, perception and production
behaviour in relation to this merger tend to be linked,
with speakers merging in production more likely to
do so in perception [18]. Merging in perception has
also been shown to be highly regionally specific [20].
The /el/-/æl/ merger occurs in the context of rapid
diachronic change in the short front vowel system of
AusE in production [5] and perception [22], and is
thought to occur precisely because of highly variable
input listeners receive for the /e/-/æ/ contrast, even in
locations where the merger does not occur [20, 21].
The combination of rapidly changing vowel qualities
and a particularly dark /l/ provides favourable
conditions for merger [21], with highly coarticulated
vowels in prelateral contexts masking cues to a
contrast and possibly being the instigator for change
(see [23, 12] on listener-induced sound changes; and
[21] which links this with the /el/-/ æl/ merger).
To date there have been no investigations into this
merger in articulation – an aspect that is of pertinence
due to the incipient status of the phenomenon. Other
research into mergers shows that articulatory studies
allow investigations of aspects of speaker behaviour
that cannot be accessed via acoustic analysis alone [6,
16]. Overall, there is limited articulatory research on
AusE; while there are some investigations of vowel
articulation [2, 25, 28], and lateral articulation [17,
32], there are no articulatory investigations of vowel
production in prelateral contexts.
1.1. Aims of the study

We present findings from an exploratory study of the
/el/-/æl/ merger-in-progress among 12 native AusE
speakers (7F, 7M, average age 31; SD=5). All were
born and raised in Melbourne, with the exception of

one born and raised on the Mornington Peninsula
(~90 km from Melbourne). The present study is part
of a wider project with a range of participants and data
types. The guiding research question is: To what
extent do AusE speakers in Victoria show evidence
for this merger in articulation and how does this relate
to accompanying acoustic cues?
2. METHOD
2.1. Materials and procedures

We report on acoustic and articulatory data collected
via laboratory-based recording of a wordlist with
simultaneous ultrasound tongue imaging. The full
wordlist contained 54 items, but here we focus on the
subset pertinent to our current research question,
containing short front vowels /ɪ, e, æ/ in /hVt/ and
/hVl/ contexts: hit, het, hat and hill, hell, Hal. Stimuli
were presented to participants orthographically using
Articulate Assistant Advanced (AAA) software [1],
which was also used to capture the data. An
experimenter advanced through the wordlist items
and the participant produced three repetitions of the
target item in isolation. The items were not
randomised. The total number of tokens in this subset
of the data was 216. Participants differed in
production speed for individual tokens (mean word
duration 478ms, SD=112).
Acoustic data were captured using a Røde NT-3
hypercardioid condenser microphone at a sampling
rate of 44.1kHz with 16-bit depth. Mid-sagittal
ultrasound tongue images were generated using a
Mindray DP6600 ultrasound machine and a
65EC10EA microconvex transducer with 120° field
of view, set to a frequency of 6.5MHz and imaging
depth of 9.7cm. The probe was stabilised using an
Articulate Instruments Probe Stabilisation headset
worn by participants [26]. Data were captured at a
frame rate of ~30 frames per second. Concurrent with
the tone produced at the beginning of recording for
each item, a flash was imposed on the ultrasound
image to enable audio-video synchronisation [31].
2.2. Data processing and analysis

2.2.1. Acoustic data
Automatic segmentation of the speech signal was
performed via WebMAUS [15], using the AusE
language model. Segment boundaries in the output
TextGrid files were checked and manually corrected
in Praat [3], with reference to wideband spectrograms
and corresponding waveforms. The maximum F2
value between 25% and 75% of each segmented
vowel was then automatically identified and added in
a point tier using a Praat script. Given that the
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acoustic boundaries between vowels and coda laterals
are difficult to precisely identify, and are influenced
by the range of lateral articulations (e.g. vocalised or
velarised /l/), this point was chosen as it is likely to be
further removed from the lower F2 values associated
with the lateral coda in the /hVl/ items, while also
avoiding formant perturbations in cases of initial
breathiness and creak preceding the coda in the /hVt/
items. In most cases, the annotated point was close to
the start of the chosen range (on average 33%,
SD=13%). A hierarchical database was constructed
using the EMU Speech Database Management
System [29], including tiers for the word, segments,
and max F2. F1 and F2 characteristics at the labelled
max F2 were queried and analysed using the emuR
package in R [24, 30]. Values were examined for all
vowels in the tokens, but the primary interest in
relation to our research question is whether individual
speakers show acoustic differences between /e/ and
/æ/ preceding /l/ as well as preceding /t/.
2.2.2. Ultrasound data
Ultrasound images were de-interlaced, resulting in a
frame rate of ~60 frames per second. Video and audio
were synchronised in AAA using the recorded tone
and the flash imposed on the video as alignment
reference points. Using edge-detection within AAA,
splines were automatically fitted to sections of the
image corresponding to the surface of the tongue, for
frames across each produced token. Fitted splines
were hand-corrected where required. The video frame
nearest to the labelled max F2 between 25%-75% of
each vowel was identified. Spline data for these
frames was extracted, to allow for exploration of
lingual configuration at this point in the vowel in
relation to spectral characteristics at the same point.
Spline data were visualised using the UVA Shiny app
[9] in which tongue contours are plotted using XY
Cartesian coordinates. Differences between contours
are therefore based on height and advancement in the
Cartesian space. We examined whether there were
differences in overall tongue shape for the vowels in
both het-hat and hell-Hal for individual speakers, and
to what extent this corresponds to acoustic difference,
or lack of difference, between the vowels for each
speaker, particularly in the pre-lateral context.
3. RESULTS
3.1. Acoustic results

For all participants, F1 and F2 values for /e/ and /æ/
preceding /t/ are indicative of the robust acoustic
distinction we expect to find for this pair of vowels in
this consonantal context. For all participants, F1
values are higher for /æ/ (x̅ 957Hz, σ 144Hz)

compared to /e/ (x̅ 666Hz, σ 129Hz), and F2 values
are lower for /æ/ (x̅ 1712Hz, σ 182Hz) compared to
/e/ (x̅ 2098Hz, σ 171Hz), as can be seen in the
example plots in Figs. 3-5. Fig. 1 shows Pillai scores
derived from these measures, following e.g. [10, 11],
as an indicator of the extent of acoustic overlap
between vowels; values approaching 1 indicate a high
level of distinctiveness and values closer to 0 indicate
greater overlap in the F1/F2 space. As can be seen, all
participants have high Pillai scores, within a narrow
range (0.95 to 1.0).

shows similar but not quite overlapping distributions
for /e/ and /æ/ (Fig. 5.)
Figure 3: F1/F2 for /ɪ, e, æ/ before /l, t/ (participant 005).

Figure 1: Pillai scores for all participants, comparing /e/
and /æ/ preceding /t/.

Figure 4: F1/F2 for /ɪ, e, æ/ before /l, t/ (participant 020).

Patterns are somewhat different when comparing F1
and F2 values for /e/ and /æ/ preceding /l/. While there
is still a tendency towards higher F1 values for /æ/ (x̅
933Hz, σ 125Hz) than for /e/ (x̅ 776Hz, σ 141Hz) in
this context, there are only slightly lower F2 values
for /æ/ (x̅ 1698Hz, σ 130Hz) compared to /e/ (x̅
1727Hz, σ 182Hz), and there is more variable
production behaviour across participants.

Figure 5: F1/F2 for /ɪ, e, æ/ before /l, t/ (participant 033).

Figure 2: Pillai scores for all participants, comparing /e/
and /æ/ preceding /l/.

3.2. Articulatory results

Pillai scores based on pre-lateral tokens are given in
Fig. 2. Some participants have values similarly high
to those in Fig. 1; e.g. participant 005 has the highest
score, 1.0, and as shown in Fig. 3, this corresponds to
tokens of pre-lateral /e/ and /æ/ which are distinct
from one another in the F1/F2 space. In comparison,
participant 020 has the lowest score, 0.25, and as
shown in Fig. 4, this corresponds to an overlap in the
distribution of pre-lateral /e/ and /æ/ tokens.
Participant 033, whose score is an intermediate 0.73,
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Midsagittal tongue splines show that all participants
exhibit distinct lingual configurations for /e/ and /æ/
preceding /t/. The splines for /e/ are indicative of a
more anterior tongue root position and raised tongue
dorsum than for /æ/, as seen in the left panels in Figs.
6-8. This differs from splines for these vowels
preceding /l/, which show more varied patterns across
participants, but also points towards a degree of
gestural convergence. For participant 005, whose
Pillai score of 1.0 suggests they do not tend to merge

these vowels pre-laterally, splines show similarities
in the anterior constriction but there is still a
difference in the tongue root, as in the right panel in
Fig. 6. For participant 020 (Pillai score 0.25), there is
overlap between the splines for each vowel, as seen
in Fig. 7. For participants with Pillai scores between
these, any visible differences between the splines for
pre-lateral tokens are generally smaller than those
observed preceding /t/, and may be apparent in only a
small part of the imaged area, as seen for participant
033 in Fig. 8. Where there are differences, the nature
of these varies across participants. Several (e.g. 002,
007, 025, 034) show splines with a high degree of
overlap, similar to participant 020 (Fig. 7).
Figure 6: Midsagittal tongue splines for /e/ and /æ/ before
/t/ (left) and before /l/ (right), for participant 005.

Figure 7: Midsagittal tongue splines for /e/ and /æ/ before
/t/ (left) and before /l/ (right), for participant 020.

Figure 8: Midsagittal tongue splines for /e/ and /æ/ before
/t/ (left) and before /l/ (right), for participant 033.

4. CONCLUDING DISCUSSION
Results suggest that, as expected, all speakers
maintain a categorical distinction between /e/ and /æ/
in the non-lateral context, as evidenced by the lack of
acoustic overlap and distinct lingual configurations
for each vowel. Production patterns for /e/ and /æ/
preceding /l/ are more varied; for three participants,
Pillai scores are in the 0.95 to 1.0 range that was
observed for all participants in the non-lateral
context, and scores remain high for others. However,
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there are indications that for some participants there
is acoustic overlap between /e/ and /æ/ pre-laterally.
Interestingly, this appears to be less widespread than
found in earlier acoustic studies with participants
from southern Victoria (e.g. [18, 20]). While the
acoustic findings point towards evidence of merger
behaviour among these participants, patterns are
highly gradient. This is not unexpected given that the
pre-lateral merger has been described as a sound
change in progress and is not fully entrenched across
different populations in southern Victoria [21].
Articulatory results similarly show varied production
patterns for pre-lateral /e/ and /æ/, but also a tendency
towards less distinct tongue splines for /e/ and /æ/
preceding /l/ than preceding /t/. The participants who
exhibit the most acoustically distinct pre-lateral /e/
and /æ/ (e.g. 005) show reasonably distinct tongue
splines; whereas those with the least acoustically
distinct tokens (e.g. 020) have overlapping tongue
splines. However, there is a range of possibilities in
between; some speakers with high Pillai scores (i.e.
less evidence of merging behaviour) have tongue
splines which largely overlap (007, 025, 024).
Overall, acoustic and articulatory patterns align in
various ways in the present data, illustrating some of
the complexities associated with phonetic
investigations of sound changes underway. A wider
range of methodological approaches may reveal more
consistent correlations between the acoustics and
articulation, which may not necessarily be evident
based on static mid-sagittal tongue splines alone.
Objective quantification measures of contour
difference are being tested for inclusion in future
work. The articulatory findings also highlight the
need for further research examining e.g. the lateral
channel [32] and lip rounding, to more
comprehensively understand the articulation of codalateral rhymes in AusE. Dynamic analyses will also
be crucial in understanding production behaviour in
pre-lateral contexts (including variability in the
production of /l/ as either velarised or vocalised), and
will be explored in ongoing research. To better assess
the degree and spread of the /el/-/æl/ merger, there is
also a need for more data, and data types, across AusE
speakers from Victoria. Participants in this study
undertook additional tasks, including a studiorecorded sociolinguistic interview and wordlist, and a
perception task (forced choice vowel categorisation).
The present study has elucidated previously
undescribed aspects of speaker behaviour in AusE, in
conditions which are highly variable. Future work
will triangulate acoustic, articulatory and perceptual
patterns for pre-lateral /e/ and /æ/ and the mechanisms
underpinning the merger-in-progress.
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ABSTRACT
This paper investigates the initiation, progression,
and conditioning of the short-front vowel shift in
Australian English as observed in a sociolinguistic
corpus capturing 40 years in real time (from the 1970s
to today). Acoustic analyses of over 10,000 tokens
reveal that the lowering and retraction of KIT, DRESS
and TRAP was preceded by movement in BATH. This
suggests that the short-front vowel shift was
structurally triggered by BATH moving away from a
canonical low position and providing room for TRAP
retraction, mirroring the triggering event for similar
shifts in other English dialects. We also find that
while pre-obstruent TRAP lowers over time, pre-nasal
TRAP maintains a high position, resulting in a splitnasal system. Additionally, variance in vowel
categories appears to decrease as changes crystalise,
suggesting that greater within-category variability is
a precursor to vocalic movement. These findings bear
on the short-front vowel shift as a worldwide
phenomenon in English.
Keywords: phonetics, short-front vowels, sound
change, phonological conditioning
1. INTRODUCTION
Australian English has seen lowering and retraction
of the short-front vowels KIT (e.g., think, bit, big, the
most frequent words in the data with this vowel),
DRESS (e.g., get, never, remember) and TRAP (e.g.,
back, bad, family). This is a relatively recent
phenomenon, the catalyst of which has been
understood to have been motion of pre-obstruent
TRAP between the late 1960s and the 1990s [5, 8].
This allowed space for DRESS and KIT to lower along
the front diagonal and reversed the raising that had
characterised these vowels in Australia through the
20th century [8]. Additionally, TRAP today exhibits a
variably split-nasal system, where pre-nasal tokens
are realised as higher and fronter in the vowel space
than pre-obstruent tokens [6]. Taken together, these
changes have yielded a short-front vowel system in
Australia that resembles many Englishes worldwide
[2, 26, 28], particularly in North America [e.g., 4, 15].
Several questions remain regarding how the shift
was initiated in Australia. First, in North American
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varieties, motion in TRAP tends to be preceded by the
loss of contrast in the low back space (usually through
the LOT-THOUGHT merger) [18], or the motion of a
low-back vowel away from a canonically low
position (usually, motion of LOT towards THOUGHT)
[14]. No such loss of contrast is attested in Australian
English, largely because these vowels occupy
different structural positions from the described
varieties in North America. Parallel to the described
varieties, however, TRAP today is the lowest vowel in
the system [8]. The extreme low position of TRAP in
Australian English would imply some degree of
category overlap with the low vowel BATH (e.g., last,
class, half), raising the question of whether this vowel
has also been affected by short-front vowel rotation.
Yet the role of BATH in the context of the short-front
vowel rotation has not been discussed to date.
Second, while Cox and Palethorpe [8] were the
first to provide concrete evidence of the shift, they
acknowledge limitations to their study. In particular,
the data used to describe the shift were taken from
speakers from disparate geographical regions, and
many of the comparisons across time were only
possible across either men or women, leading to
unbalanced samples. As a result, the specific timing
of the shift is difficult to pin down.
Third, it is unclear precisely when pre-obstruent
and pre-nasal TRAP split. While [6] show that young
speakers today exhibit variable overlap between prenasal and pre-obstruent TRAP, whether this split was
extant in older speakers is unknown. Another issue to
consider is that of self-monitoring. Raised TRAP has
been the subject of comment since before the 1900s
[6, 7, 23], and thus it is possible that raised TRAP
might be avoided by some speakers in controlled
contexts that are conducive to greater monitoring. It
is, however, precisely in controlled contexts that
research on TRAP has been conducted. Furthermore,
variability reported in [6, 9] suggests that a sample of
speech in more natural contexts might help
disentangle some of the questions concerning the
course of change in TRAP, and the impact of
phonological environment.
The current paper seeks to fill these gaps. Drawing
on a socially-stratified corpus of spontaneous speech,
we explore the short-front vowel shift in apparent and
real time, from the 1970s to today.

2. METHODS
2.1. Speech corpus and participants

Participants are drawn from a corpus of
sociolinguistic interviews conducted with younger
and older speakers over two time periods, as part of
the Sydney Speaks project [27]. The first group of
interviews are from the Sydney Social Dialect Survey
[13], recorded in the late 1970s with adults and
teenagers (born 1930s and 1960s, respectively). The
second group of interviews are original recordings
made by the Sydney Speaks Project in the 2010s with
older and younger adults (born 1960s and 1990s,
respectively). Participants (n=48) are upper workingand middle-class Anglo Sydneysiders, whose parents
and grandparents are known to have spent their lives
in Australia. Table 1 presents a breakdown of the
participants by gender and age, from the oldest to
youngest age groups represented here.
Table 1: Demographic breakdown of participants.
1970s

Male
Female

Adults
(39-64)
6
5

Teens
(13-16)
8
7

2010s
Older
Younger
Adults
adults
(48-57)
(19-30)
5
6
5
6

The sociolinguistic interviews analysed here
capture over 27 hours, or 200,000 words, of
spontaneous speech, which is recognised as “the most
systematic data for linguistic analysis” [17].
Spontaneous speech is particularly illuminating for
the study of change, because the prestige of the
standard variety is operative in more controlled
settings [25], and because it motivates within-vowel
variability [12]. A corpus of spontaneous speech also
allows for the identification of favouring and
disfavouring phonological environments pertinent to
changes in progress [16]. Further, as many studies
which address the short-front vowel shift in other
English varieties employ data from sociolinguistic
interviews, these data offer an effective means of
comparison across varieties.
2.2. Data preparation, token extraction, and analysis

Speech was transcribed orthographically in ELAN
[20] and force-aligned at the segment level in LaBBCAT [10]. This process yielded textgrids in Praat [3]
which were manually checked to ensure accuracy of
alignment. Grammatical words and unstressed words
were excluded from analysis, and no more than five
instances of any one lexical item were taken from any
speaker. For each vowel extracted, F1 and F2
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measurements were taken at the vowel midpoint, and
then Lobanov normalised on the basis of the entire
vowel space [21]. This process yielded a total of
10,471 tokens across the four vowel categories of
interest: KIT (n=3,840), DRESS (n=3,263), TRAP
(n=2,653), and BATH (n=715).
The data were examined visually, and observed
patterns were probed with linear mixed-effects
regression models. In the models fit to KIT, DRESS and
TRAP, F1 and F2 were combined into a single
dependent variable—a measure along the front
diagonal (F2-2*F1) [following 19]. For BATH, models
were fit separately to F2 and F1. In testing for
significance and model fit, each model included age,
gender, following consonant (nasal vs. obstruent),
and vowel duration as predictors, testing for logical
two- and three-way interactions, with random
intercepts for speaker and word. The significance of
each factor was assessed using the Kenward-Roger
approximation from pbkrtest [11] and lme4 [1] in R
[24], following recommendations in [22].
Homogeneity of variance across vowel clusters was
assessed with Levene’s tests, run separately on
normalised F1 and F2 for each relevant data
subgroup.
3. RESULTS
3.1. Structural initiation and progression of the shift

Results corroborate findings from [8] that there has
been significant change over time in the pre-obstruent
Australian short-front vowel system. KIT shows
significant raising in the 1970s (from the adults to the
teens, β=51.24, df=43, p=0.04), and the 2010s older
adults continue this trend, though the raising no
longer reaches significance (β=48.38, df=43, p=0.07).
Both DRESS and TRAP show significant lowering
down the front diagonal over time; however, this only
reaches significance for the 2010s younger adults (as
compared with the 1970s older adults; for TRAP,
β=-178.92, df=43, p<0.001; for DRESS, β=-138.89,
df=44, p<0.001). Importantly, we observe that
movement in TRAP was preceded in time by
movement in BATH, as BATH shows significant
retraction in both older (β=-43.54, df=43, p=0.004)
and younger 2010s adults (β=-76.26, df=47,
p<0.001), with the direction of change forecast by the
1970s teens (albeit not to a significant degree,
β=-20.77, df=45, p=0.12).
Figure 1 shows movement in BATH and TRAP from
the 1970s adults to the 2010s younger adults, with the
dashed lines representing median F2 values of 1970s
adults for each vowel as reference. It can be seen that
BATH begins to retract prior to obvious motion in
TRAP. The distribution of BATH shows signs of

retraction in 1970s teens, when TRAP has not yet
begun to retract. In 2010s older adults, BATH
retraction continues, and TRAP begins to shift to a
slightly more retracted position relative to the 1970s
groups. In 2010s younger adults, both vowels have
moved to a more retracted position, and it is at this
point that TRAP is significantly more retracted than it
was for 1970s adults. That BATH retraction precedes
TRAP retraction is indicative of a structural
connection between the two phenomena, namely, that
retraction of BATH provided space for TRAP to retract.

normalised pre-nasal TRAP consistently about 1.4
times as long as pre-nasal DRESS across age groups).
Figure 2: Two-dimensional kernel density plots of
pre-nasal (dark) and pre-obstruent (light) TRAP in
normalised and scaled F1/F2 space.

Figure 1: Two-dimensional kernel density plots of
pre-obstruent TRAP (light) and BATH (dark) in
normalised and scaled F1/F2 space; dashed lines are
median F2 values of 1970s adults.

3.2. Effect of following nasal over time

We also observe significant change in pre-nasal TRAP
over time, as can be seen in Figure 2. While pre-nasal
TRAP on aggregate has always occupied a relatively
higher position than pre-obstruent TRAP, the
difference between the two has grown considerably
over time, attributable to both retraction in preobstruent position and raising in pre-nasal position.
To examine this, we treat pre-obstruent TRAP in 1970s
adults as a benchmark. While pre-nasal TRAP is
significantly higher and fronter than pre-obstruent
TRAP in 1970s adults (β=126.39, df=2333, p<0.001),
there is considerable overlap between the two
phonological environments for both 1970s adults and
teenagers. Overlap decreases for 2010s older adults
(β=43.09, df=2602, p=0.04) and for the younger
adults, the difference between pre-obstruent and prenasal TRAP has grown such that there is little overlap
(β=206.57, df=2597, p<0.001).
The raising of pre-nasal TRAP yields a system in
which pre-nasal TRAP and pre-nasal DRESS occupy
similar places in the vowel space. Nevertheless, these
two vowels show a difference in duration [cf. 7], and
this difference is stable over time (with log

1771

Alongside the changes in TRAP, there is an
apparent diminishing of variance, as seen in the
tighter density plots in Figure 2. This reaches
significance for pre-nasal TRAP; Levene’s tests
indicate unequal variances between the 1970s and
2010s speakers in F1 (F=15.10, p<0.001) and F2
(F=27.50, p<0.001). We interpret the diminished
variance as an indication that this change may be
stabilising.
We now turn to consider the social context for
changes in TRAP. First, women appear to have led this
change. In comparison to older 1970s women, 2010s
older (β=-76.66, df=2593, p=0.007) and younger
adult men (β=-71.58, df=2585, p=0.01) exhibit less
extreme differences between pre-obstruent and prenasal TRAP.
Within-speaker patterns are presented in Figure 3.
Here we see that several 1970s speakers produce little
difference between pre-nasal and pre-obstruent TRAP,
indicated by their relatively small Euclidean
Distances. Some speakers in the 1970s (for example,
Pam, Hugh, Robin and Evangeline) exhibit
differences of less than 50 Hz between pre-nasal and
pre-obstruent TRAP. Only one speaker from the older
2010s group (Kenneth) shows such a small distance,
and none of the younger speakers do. Overall, the
median and distribution of Euclidean Distances
increase over time, ultimately resulting in two distinct
distributions in the 2010s younger adults, with
Euclidean Distances at or above 100 Hz. This is
indicative of a complete allophonic split that has
yielded two allophonically conditioned categories for
the speakers examined here—pre-obstruent TRAP and
pre-nasal BAN.

Figure 3: Within-speaker Euclidean Distances
between pre-nasal and pre-obstruent TRAP.

4. DISCUSSION AND CONCLUSIONS

What of DRESS and KIT? Phonological context
plays a comparably low-level phonetic role in the
realisations of these two vowels (see Figure 4). First,
the raising of KIT is restricted to pre-obstruent
position, while pre-nasal KIT is relatively stable over
time. Second, for DRESS, the impact is seen in the
degree of variance exhibited over time. The variance
in pre-nasal and pre-obstruent contexts decreases
from 1970s adults to 2010s younger adults (Levene’s
test (F2), F=110.19, p<0.001), but pre-nasal DRESS
also has greater variance in F1 than pre-obstruent
DRESS for all age groups, up to 2010s younger
speakers, who show not only equal means and
distributions in both phonological contexts, but also
equal variance. Pre-nasal DRESS would seem to have
had a more variable target, which has narrowed over
time. We hypothesise that this diminishing of
variance is associated with stabilisation over time.
Figure 4: Tokens and ellipses (95% CI) of DRESS
(dark) and KIT (light) for pre-obstruent (solid line)
and pre-nasal (dotted line) environments in
normalised and scaled F1/F2 space.
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The data reported here enhance our understanding of
the way in which the short-front vowel shift has
progressed in Australian English. While the overall
findings corroborate the general lowering and
retraction observed in the vowels TRAP and DRESS in
[8], we also observe that the retraction of TRAP was
predated by retraction of BATH. The temporal
proximity and sequencing of these events
demonstrated here provides evidence that the
retraction of BATH and the lowering of the short-front
vowels along the front diagonal are related.
Reviewing similar changes in North American
varieties suggests that motion in the low-back space
may be highly structurally linked to the rotation of the
short-front vowels in general. That this shift is not
triggered by the complete loss of contrast in the lowback space is in line with recent work, which has
argued that motion of a low-back vowel away from
its canonical position may be enough to trigger TRAP
retraction [14]. Indeed, it appears that in Australia, the
movement of BATH to a more retracted position may
have been a sufficient initiating force.
This study also addresses the way that pre-nasal
TRAP has proceeded alongside the short-front vowel
rotation. The data presented here provide evidence
that this has been a gradual process; pre-nasal TRAP
has always been in a higher, fronter position relative
to pre-obstruent TRAP, but it has shifted to a slightly
higher position over time, while simultaneously
becoming less variable. On a speaker-by-speaker
basis, we observe here distinct targets for TRAP and
BAN, in contrast to findings from other studies of
young women in Sydney [6]. One possible
explanation for this difference is the data type used;
as the raising of pre-nasal TRAP is socially marked,
speakers may tend to avoid doing so in more
controlled environments, thus resulting in more
overlapped systems. Finally, for DRESS, the impact of
phonological conditioning is primarily relegated to
the changing degrees of variance.
Through apparent and real-time comparisons of
the spontaneous speech of older and younger speakers
in the 1970s and today, we have been able to shed new
light on the rotation of the short-front vowels in
Australian English. Specifically, we propose that the
initiating event was the retraction of BATH; we
demonstrate the way in which pre-nasal position has
impacted the short-front vowels over time; and we
propose that degree of variance may prove to be a
valuable indirect measure of the progression of a
change.
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ABSTRACT
Intonation is a multitasker. It conveys a plethora of
non-lexical meanings and functions, and mirrors a
speaker’s personality traits, one of them being charisma. In the age in which leaders communicate globally through digital mass media, speaker charisma
has become an important field of research. The number of different f0 level and range measures that are
used, not only in phonetics, to determine speaker
charisma call for standardization. Which f0 measures correlate most strongly with perceived speaker
charisma and should thus be used in future analyses?
Our study addresses this question based on 51
speakers whose charisma was rated by 42 listeners.
Results show that the f0 mean is the best parameter
to measure perceived charisma in terms of pitch
level, while the best pitch distribution measures are
kurtosis and the 80-percentile f0 range. The results
are discussed in terms of gender differences and
issues of cross-linguistic generalization.
Keywords: charismatic speech, leadership, f0, pitch
perception, intonation.
1. INTRODUCTION
The fundamental frequency (f0) or its physiological
or perceptual correlates are perhaps the parameter
class with the greatest functional load in all languages of the world. Firstly, this is because voice (i.e.,
periodic vocal fold vibration) is the primary supplier
of acoustic energy, without which speech communication over greater distances would not be possible.
At the cost of a smaller acoustic richness, probably
only whistling is able to bridge even greater distances than the voice [17].
Secondly, the generally high functional load of f0
reflects that speech is above all a facilitator of social
interaction. Speech organizes hierarchy-building, negotiation, and group-formation processes and conveys emotions, attitudes, and discourse-control signals. These socio-communicative aspects of speech
already existed at a time when recursive syntax and
a sound-segment-based lexicon were far beyond the
hominid’s anatomical and cognitive abilities
[7,9,26]. Until today, these socio-communicative
aspects are still mainly shaped by speech melody
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[1,8,27,29]. Also, listeners give melodic meanings
priority if they are in conflict with lexical ones [12].
Thirdly, the functional load of f0 is due to the
fact that f0 is additionally and consistently a mirror
of physiological processes and, thus, directly linked
to certain socio-communicative indicators of speaker
state. These include the emotional, health and mental
conditions of a speaker, including pain, stress and
physical exercise [13,14,16].
Accordingly, speakers of a language may, for instance, choose not to use [f] or [ø] functionally (i.e.,
distinctively); or they may choose not to use final or
segmental lengthening functionally; but they cannot
decide against using f0 functionally. This fact is also
reflected in phonetic research: 78.3 % of the papers
at the last International Conference of Speech Prosody (2018) directly or indirectly dealt with f0 and
its phonetic correlates. At the last International Congress of Phonetic Sciences (2015), 17.6 % of the
papers addressed f0, although the scope of the
congress goes far beyond prosody alone.
Taking into account the central relevance of f0 in
communication, phonetic research has developed
and applied a plethora of acoustic measures to determine the melodic characteristics of speakers. The
pitch level characteristics of a speaker can be measured, among other things, using absolute measurements such as the mean or median f0, or relative
measurements in which the absolute ones are related
to a reference or correction value. A common reference is the overall span of f0 values used by a speaker; a frequent correction value is the 7.64th percentile, by which the mean or median f0 becomes more
representative of the speaker’s f0 baseline [15].
The pitch range characteristics of a speaker can
also be determined in various ways. These include
the f0 range (the difference between absolute minimum and maximum), the f0 standard deviation, the
coefficient of variation (varco), and the 80-percentile
range that corresponds to the difference between the
90th and 10th percentile. In the forensic phonetic
domain, it has been suggested that the distribution of
f0 values is also reflective of the given speaker [10];
f0 distributions may be parameterized by, for
instance, spectral moments [25].
Given all these f0 measures, which ones are best?
There is not a single answer to that question. The

best measures in scientific terms are those that are
robust (i.e. context independent) and reliable (i.e.
detectable and not error-prone). The present paper
takes an application-oriented perspective, specifically that of a prosody-based rhetorical training. From
this perspective, measures additionally have to be
explainable, user-friendly and closely correlated
with perceived speaker traits.
The trait we focus on in this study is perceived
speaker charisma. Numerous previous production
and perception studies showed that pitch level and
pitch range both play a crucial role in perceived
speaker charisma [8,22,24], the range probably even
more so than the level [3]. Moreover, these studies
showed that pitch level and range can be trained and
improved and, thereby, also a speaker’s charismatic
impact on listeners [19,2].
However, what is currently still lacking is a
detailed understanding of how well the individual
acoustic measures of pitch level and range correlate
with perceived speaker charisma. This understanding is essential if, for example, automatic assessment
and training algorithms are to be developed which
quantify the charismatic impact of a speaker's speech
signal and, on this basis, provide feedback to the
speaker as to how s/he can improve this impact.
Such feedback could be given in the form of realtime visualizations of a speaker’s pitch-level and/or
pitch-range information [20], which is either colorcoded (red=bad, green=good) or displayed in
relation to certain target or reference values.
A pilot study [18] has already found indications
that the f0 median is more strongly correlated with
perceived speaker charisma than the f0 baseline
(7.64th percentile), and that the f0 percentile range
could be more closely related with perceived speaker
charisma than the f0 standard deviation. However,
the speaker sample in that study was small, and only
a limited set of basic pitch-level and pitch-range
measures were tested. Therefore, the present study
extends this pilot correlation analysis by including
more than four times as many speakers as data
points in the correlations and by expanding the set of
tested acoustic measures beyond a few basic pitch
level and pitch range parameters.
Five research questions are addressed: (1) Are
there differences in how well the various level,
range, and distribution measures of pitch correlate
with perceived speaker charisma? (2) Which pitchlevel measure correlates most strongly with
perceived speaker charisma? (3) Are parameters
pertaining to the shape of f0 distribution related to
perceived speaker charisma? (4) Which pitch-range
measure correlates most strongly with perceived
speaker charisma? (5) Do the answers to (1)-(4)
depend on speaker sex?
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2. METHOD
2.1. Material

The analysis is based on 51 post-graduate students
(33 males, 18 females), aged 23–27 years, from the
Dept. of Technology Entrepreneurship and Innovation at the University of Southern Denmark
(www.sdu.dk/tei). All were highly proficient nonnative speakers of English at B2 or C1 levels
(according to university internal entry tests).
For the purpose of our recordings, the speakers
held a so-called “elevator speech”, i.e. a short description of a start-up company or its underlying business idea presented with the intention to acquire external funding from investors. The 51 speakers were
trained and gained experience in giving these
elevator speeches during their business engineering
or entrepreneurship educations. All recordings were
made while the speakers presented charismatically
and persuasively as they could in front of a real
audience. The recordings took place in the soundtreated SDU MCI Innovation Lab at the University
of Southern Denmark in Sønderborg. The speakers
were standing while speaking, see Figure 1.
Figure 1: Example of an elevator speech.

We used 40–98 s presentation excerpts (ø 61.4 s) for
our analyses, cut out at major prosodic-phrase
boundaries from the middle of each elevator speech.
2.2. Acoustic analysis

The acoustic analysis was performed in Praat [5],
using autocorrelation [4] with a 40 ms window
length; the f0 of male voices was extracted in a
frequency range of 75–320 Hz, that of female voices
in a frequency range of 75–480 Hz. Per speaker/
presentation excerpt, we extracted three measures of
pitch level and four measures of pitch range:
 Pitch-level: mean, median, baseline;
 Pitch-range: standard deviation, varco,
range, 80-percentile range.
In addition, f0 was calculated every 5 ms across
each speaker's presentation excerpt and two f0
distribution measures were derived from each
resulting set of values: skewness (symmetry around

the mean) and kurtosis (sometimes described as
peakedness, but more appropriately reflecting the
thinness or fatness of the distribution tails). The
moments package [11] in R [23] was used for this
analysis. In total, we determined nine f0-based pitch
measures per speaker/presentation excerpt.

tween male and female speakers (t-test: t(49) = 0.28;
p=0.78). Second, although the duration of the speech
samples was relatively variable (see section 2.1), this
had no effect on the ratings: (r = –0.018, p = 0.90).

2.4. Listener ratings of perceived speaker charisma

Correlations between central tendency measures and
listener ratings are shown in Table 1. The arithmetic
mean of f0 values appears to be most suitable for
capturing the respondents’ judgments of speaker
charisma, with all correlations being significant at
p<0.05. Interestingly, the f0 baseline, while being
most effective for capturing a speaker’s individuality
across different speaking situations [15], is not well
correlated with ratings of speaker charisma.

The mean values of each acoustic measure were
correlated with the perceived charisma levels of the
51 speakers using Pearson’s product moment
correlation coefficient. Perceived speaker charisma
was rated based on the question “On a scale from 0100%, how likely is it that you would dare to invest
some money into the speaker’s company?” A pilot
study found this question to be easily applicable by
listeners [18]. Among all questions asked in the pilot
study, the one on investment likelihood turned out to
be the one whose responses varied most strongly as
a function of f0 measures.
The elevator-speech excerpts were delexicalized
through low-pass filtering (in order to exclude additional noise in the ratings from lexical contributions
to speaker charisma, [2]) and then integrated in an
online perception experiment based on SurveyXact.
The speech excerpts were presented to listeners in
individually randomized orders. Ratings were made
by shifting a slider on the screen to the respective
percentage for each stimulus (Figure 2).
For the sake of simplicity in this short paper, we
will directly translate investment likelihood ratings
into perceived speaker-charisma ratings. We do this
because previous studies showed that investment
likelihood is closely associated with key attributes of
charisma, such as being decisive, performing,
inspiring, and persuasive [24,28].
Figure 2: Screenshot of online rating task.

A total of 42 listeners participated in the rating task.
All listeners were proficient non-native speakers of
English, like the speakers they listened to.
3. RESULTS AND DISCUSSION
Before we discuss the correlations between speaker
charisma ratings and the individual f0 measures, two
other important aspects of our results must be noted.
First, the mean charisma scores did not differ be-
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3.1. Central tendency of f0

Table 1: Correlations (r) of f0 central tendency
measures with speaker-charisma ratings, N=51.
** p <0.05; * p <0.1

mean
median
baseline

all
0.35 **
0.36 **
0.20

female
0.50 **
0.45 *
0.21

male
0.61 **
0.60 **
0.36 **

All the correlation scores shown in Table 1 are
positive; this means that, for both female and male
speakers, higher f0 means seem to be associated
with higher charisma ratings (see the discussion
section for further comments on gender aspects).
3.2. Variability of f0

Correlations of variability measures with charisma
ratings are shown in Table 2. The superiority of the
80-percentile range is obvious: correlation with
charisma ratings is strong and highly significant for
all speakers, as well as for males and females separately. In contrast, the traditional f0-range measure,
i.e. the difference between maximum and minimum
f0, shows no correlation with the ratings. This is probably because this traditional range measure is not
very robust against typical octave errors in f0 extraction: it is sufficient that one very low/high f0 value
is (erroneously) identified for the range to be affected dramatically. Figure 3 shows scatterplots of the
two measures, as compared with charisma ratings.
Note that the coefficient of variation (varco; i.e.,
the standard deviation related to the mean) does not
correlate well with charisma ratings, only in female
speakers. The reason for this is not readily apparent,
but it would be worth being investigated further.
Regarding the f0-distribution measures, skewness
and speaker charisma are negatively correlated. This
makes perfect sense in the light of previous findings
[21,22]. The better a speaker is able to shift the majority of his/her f0 values to the top of the individual

f0 range, or, in other words, the more often and longer a speaker’s voice shoots upwards from the bottom of the f0 range, the more beneficial this is for
his/her perceived charisma. This correlation applies
to all speakers, but less so for females, perhaps
because their mean f0 already lies relatively higher
within the f0 extraction range than that of males.
Table 2: Correlation (r) of f0 variability and
distribution measures with speaker-charisma
ratings, N=51. *** p <0.001; ** p <0.05; * p <0.1

SD
varco
range
80-perc. range
skewness
kurtosis

all
0.35 **
0.02
0.04
0.52 ***
–0.42 **
–0.43 **

female
0.77 ***
0.47 **
0.10
0.71 ***
–0.13
–0.70 **

male
0.26
-0.09
0.02
0.62 ***
–0.53 **
–0.49 **

Figure 3: Correlation of charisma ratings with the
80-percentile f0 range (left) and f0 range (right).

Figure 4: F0 distribution of two speakers
illustrating kurtosis differences (see text).

Kurtosis is also negatively correlated with charisma
ratings and is, unlike skewness, a more genderrobust f0-distribution measure. The more a speaker
is able to make equal use of his/her entire f0 range,
the better this is for perceived charisma. Figure 4
compares the f0 distribution for speaker M16 with
the highest kurtosis value (investment likelihood
29.8%) and speaker M31 with kurtosis approaching
the mean for male speakers (investment likelihood
74.2%). Accordingly, there is a strong negative
correlation between kurtosis and the 80-percentile
range: r = –0.53, p < 0.001.
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4. CONCLUSIONS
Our study demonstrated on the example of perceived
speaker charisma that the choice of f0 measures does
make a big difference. Mean f0 and baseline f0 are
seemingly equivalent and even interchangeable measures; the same applies to f0 range and f0 standard
deviation. But, that is clearly not true. Especially
when it comes to measuring meaningful attitudinal
or expressive speaker traits or similar paralinguistic
aspects of communication, a proper selection of f0
measures is of great importance. We must particularly point to the danger of using the traditional f0
range as an indicator of speaker traits like charisma:
our results show no correlation between listener ratings and the f0 range. Conversely, the 80-percentile
range, which is cleared of extreme values due to
errors in f0 extraction, captures the listeners’ ratings
of speaker charisma best.
Based on the present data, our recommendation is
to use the arithmetic mean for capturing a speaker’s
pitch level, and to use the 80-percentile range, perhaps along with kurtosis, for representing a speaker’s pitch variability. The recommendation for these
general pitch measures holds over and above languages and speaker charisma, whereas the findings
on skewness, varco etc. might be more specific to
speaker charisma. In general, our results also suggest
that it is advantageous to analyze male and female
speakers separately, not only because their f0 values
lie in different ranges, but also because the correlations between speaker traits like charisma and some
of the parameters vary considerably as a function of
speaker sex. The explanations for this may be obvious for some parameters like skewness, but less so
for others like, for instance, the f0 baseline.
Finally, our results differ in some respects from
previous findings. For instance, previous studies
showed that males sound more charismatically than
females [6]. Our data, however, come from recordings of speakers who received intensive charismaticpresentation training; and it has been shown that this
training is able to level out gender differences in the
ears of listeners [19]. Studies also found a positive
correlation between stimulus duration and charisma
rating [24]. They used very short stimuli, though
(<10s). We assume that this duration effect has an
upper threshold (appr. 20s) and that our stimuli were
too long for this effect to still emerge.
The time domain is also the direction, in which
we will extend the present line of research. We proceed with testing how valid and robust the f0 measures are against changes in speech-sample duration.
For example, compared to the 80-percentile range,
kurtosis might need a longer stretch of speech (i.e.
more f0 values) to yield proper measurements.
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ABSTRACT

are implemented by prosody modelling. To develop
emotional speech it is necessary to understand how
people use semantic cues and prosodic features to
perceive and produce emotions. Table 1 summarizes some studies that explore this. These studies
use sentences which are semantically neutral, with
participants judging the emotion they can perceive.
Some of the studies which explored the effect of linguistic ability on emotion perception [7, 11] have
concluded that emotion perception is affected by
language knowledge and universal principles of expressions. Also, three of the studies [7, 10, 11] have
analysed prosodic features to study their differences
across the emotions. Most of these studies have
looked at the primary emotions. They have established that the primary emotions (stronger emotions)
can be recognized effectively from the prosody component alone even if the speakers spoke pseudo sentences with correctly employed prosodic variations
in English [10] and Argentine Spanish [8]. These
results are reflected in emotion synthesizers and recognizers that give good accuracy and performance
by using prosody variations alone [15, 16]. But
compared to the stronger primary emotions, nuanced
secondary emotions are more commonly used in social conversations and are needed for human interaction with computer software agents and robots [3].
Hence, speech technology needs to model the secondary emotions as well. This paper uses the contrast in the results of a perception test conducted for
primary and secondary emotions to analyze the effect of semantics and prosodic features on the production and perception of secondary emotions.

For current speech technology, the emotion expression between machines and humans is made possible by dialog modelling (semantics) and acoustic
modelling (prosodic features) of speech. Prosodic
features alone are considered sufficient to express
and perceive primary emotions. With current focus
on social robots, there is also the need to synthesize and recognize nuanced secondary emotions. As
the secondary emotions are subtle, this study aims to
quantitatively assess (via syllable-level prominence
features) whether both semantics and prosodic features contribute to their production and perception.
Observations show that the effect of semantics on
the prosodic features are significant for the production of the secondary emotions. But unlike primary
emotions, there is a need for lexical and grammatical information to support the prosodic component
enabling people to perceive the secondary emotions.
Additionally effects of English language familiarity
have been analysed based on the results of a large
scale human perception experiment.
Keywords: secondary and primary emotions, semantics, prosodic features, perception, prominence
1. INTRODUCTION
Emotional speech synthesis and recognition becomes crucial in current technologies that interact
with humans as social conversations contain many
emotions. Emotions can be classified as primary and
secondary emotions. Primary Emotions are innate
to support fast and reactive responses. Eg: angry,
happy. They are strong reactions to situations and
hence they are easy to identify. Secondary emotions
arise from higher cognitive processes, based on an
ability to evaluate preferences over outcomes and
expectations. Eg: relief, hope [1, 2, 12]. They are
subtle in nature and hence difficult to identify. Humans express emotions through lexical choices and
variations in intonation, speed of delivery, loudness
in congruence with the words. For text to speech
synthesizers the semantics (lexical choices) is managed by dialog modelling and the other variations

2. SECONDARY EMOTIONS PERCEPTION
To incorporate a wide array of emotions used by
humans in social conversations, the authors of this
work developed an open-source emotional speech
corpus with 5 primary emotions (angry, happy, neutral, sad, excited) and 5 secondary emotions (anxious, apologetic, enthusiastic, worried, pensive).
The corpus (called JLCorpus) contains 2400 sentences spoken by 2 male and 2 female professional
New Zealand English (NZE) speakers. The recording of the corpus, perception tests and prosody anal-
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Table 1: Previous research works studying the effect of semantics and prosodic features on primary emotions
Experiment & Reference
Emotions
Finding
Features studied
Speakers produced pseudo-utterances anger, disgust, fear, All emotions were recognized from vocal Mean F0 , F0
for each emotion. Perceived emotions neutral, happy, sur- cues at levels exceeding chance. Anger, Range,
Speech
were judged by native listeners. [8]
prise, sad
sad & fear were most accurate.
rate
Same sentences used for all emo- anger, sad, joy, fear, Disgust was poorly recognized, average Articulation rate,
tions. Theoretical emotion predictions & disgust
recognition accuracy for other emotions Intensity,
F0 ,
acoustics of emotions were studied [10]
= 62.8%
Spectral energy
Argentine Spanish speaker recognized joy, sad, anger, fear, Emotions decoded at accuracy exceeding Feature
analemotions from pseudo-utterances in na- disgust
chance. Emotion perception is language- ysis was not
tive language & 3 foreign languages. [7]
independent, uses universal principles.
conducted.
20 English-speaking listeners judged the joy, anger, sad, fear
Identification accuracy was above chance Mean F0 ,
F0
emotive intent of utterances. Verbal confor all emotions. Emotional prosody is Range, Mean and
tent was neutral but prosodic elements
decoded by a combination of universal range of intensity,
conveyed 4 emotions. [11]
and culture-specific cues.
event density

ysis are explained in [2]. A human perception experiment with 120 participants was conducted to evaluate the corpus. 60 participants each evaluated the
primary and secondary emotions separately. Among
the participants, 50 were first language NZE speakers (L1) and the remaining 70 were bilingual English speakers (L2). The primary emotions had
1200 sentences which were semantically neutral (eg:
"Jack views an art piece"), and the secondary emotions had 1040 semantically neutral sentences and
the rest were emotionally coloured (eg: "You should
be proud of yourself", for the enthusiastic). The participants were given a set of sentences marked with
the intended emotion category at the start of the test
(training set). This was to familiarise the participants to the various emotions. During the experiment, each participant evaluated 6 sets of 10 sentences each. Each set was shown to the listener on
a computer screen. They listened to each of the sentences (audio) in the set and dragged and dropped
the sentence icon to the emotion category they perceived the sentence to be. Five emotion category options with a "none of these" option were given to the
participants. Once each set was completed the participants proceeded to the next set, until the end of
the test was reached. The process was self-timed by
the listener, and they could hear the sentences multiple times if needed. They could go back to the train-

ing page and hear the training sentences if needed.
Table 2 summarizes the results of the perception
test differentiating the emotion type, sentence type
and L1/L2 participant categories. The overall perception accuracies for primary and secondary emotions were 69% and 40% respectively. For the semantically neutral primary emotion sentences, both
L1 and L2 speakers performed almost equally. This
is in alignment with the findings in previous works
[7, 11] that the perception of primary emotions is not
heavily affected by semantics and language knowledge. Unlike the primary emotions, the table shows
that there is contrast in results between emotionally coloured and semantically neutral sentences for
the secondary emotions. This contrast in the results
between primary and secondary emotions, and also
scarcity of studies on secondary emotions has motivated further analysis. The contrast in perception accuracies of L1 and L2 participants was investigated
in detail. For emotionally coloured sentences, the
L2 have performed better than L1, while for the semantically neutral case, the L1 have performed better than L2. The English familiarity alone was not
found to have significant effect on the perception
accuracy for secondary emotions [F(1, 58)=1.04,
p = 0.3], while the effect of semantics was found
to be significant on the perception accuracy [F(1,
114)=962.9, p = 0]. This indicates that both L1
and L2 participants had similar difficulty in correctly perceiving the secondary emotions, while the
presence of semantic information significantly affected participants’ perception accuracy. To analyse if the semantic knowledge and the English familiarity of the participants (L1/L2) has any interaction effects on the perception accuracy of secondary
emotions, a 2-factor ANOVA was conducted. The
combined effect of L1 vs L2 and semantic influence
on the perception was found to be significant [F(2,
112)=16.26, p = 0]. Also a post-hoc Tukey test was
conducted to understand which all categories are

Table 2: Perception test results summary.
Emotion
Type
Primary
Primary
Primary
Secondary
Secondary
Secondary
Secondary
Secondary

Sentence Type

L1/L2

All
All
All
All
Emotionally coloured
Emotionally coloured
Semantically neutral
Semantically neutral

All
L1
L2
All
L1
L2
L1
L2

Perception
Accuracy
69%
70%
68%
40%
54%
67%
41%
33%
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corrected where required. The accented syllables
and their nuclei were marked via perceptual decision
making using Praat as the visualising tool. Mean F0 ,
RMS energy and duration of the accented syllable
nuclei were taken as the measure of prominence as
used in [13, 14]. The effect of emotions on mean F0
of the accented and unaccented syllable nuclei were
analyzed separately. Both accented and unaccented
syllables have statistically significant effects of semantics based on the results obtained from ANOVA
(for accented syllables - [F(1, 240)=18.51, p = 0]
and for unaccented syllables - [F(1, 558)=29.87, p
= 0]). The boxplot in Figure 1 shows the distribution of the mean F0 values of emotionally coloured
and semantically neutral accented and unaccented
tokens. The shades of red are emotionally coloured
tokens (first 2 of every emotion set), and shades of
green are semantically neutral tokens (last 2 of every emotion set). The first and third boxes (darker
color) for each emotion are the accented syllable tokens and the other 2 (lighter colour) are unaccented
tokens. The dark red and dark green lines indicates the overall median F0 value for the emotionally coloured tokens and semantically neutral tokens
respectively for each emotion. The lines show that
the emotionally coloured tokens have lower median
value of the feature mean F0 compared to the semantically neutral tokens for all emotions (for all emotions dark green line is higher than dark red line).
Instead of generalising this for all tokens, we separated them into accented and unaccented tokens. It is
visually clear that the accented tokens have a larger
emotion separation, and this aligns with past studies
that prominent syllables are good emotion indicators. We can see that the accented tokens have similar mean F0 regions (dark red and dark green boxes
have larger overlap) for each emotion. While the unaccented tokens show larger difference between the
emotionally coloured and semantically neutral tokens (light red and light green boxes have less overlap). Hence, it is clear that it is the difference in
the mean F0 of the unaccented tokens that is contributing to the difference in the overall mean values
of the emotionally coloured and semantically neutral
tokens (dark red and dark green lines).

contributing to this significant interaction. From the
test it was seen that both L1 and L2 have interaction
effects on the semantically neutral and emotionally
coloured sentences. Since the interaction effect is
significant (p=0), the perception accuracy obtained
cannot be generalized for both L1 and L2 participants under varying influence of semantics. For primary emotions even without semantic information
the emotion perception accuracy is above chance.
But, the effect of semantics on the perception accuracy of secondary emotions observed in this study
is different to what has been observed for primary
emotions. This result is critical when developing
emotional speech synthesizers with secondary emotions. The semantic information has to be developed such that it is congruent with the emotion to
enhance the perception accuracy of the these subtle
emotions. In the next section we try to understand
whether the semantics has an influence on the production of these secondary emotions.
3. SECONDARY EMOTIONS PRODUCTION
In this section we look at the effect of semantics on
the production of secondary emotions by the speakers who spoke these sentences for the JLCorpus.
The effect on emotion production is analysed by
studying the impact of semantics on prosody features like F0 , RMS energy and duration. These features were chosen because during a wider acoustic
analysis they were identified as most significant in
distinguishing these emotions. Only the results of
F0 are discussed here. Similar trends were observed
for the other two features as well. A previous study
by the authors [4] looked into sentence level analysis without differentiating the vowels and the consonants. A sentence level analysis results in a large
variation of features due to interaction of the consonants. Also, previous studies show that vowels are
most likely to contain the emotion information [9].
To reduce the effects of averaging out prosody features, here we analyze the vowels separately.
Mean F0 for the vowels were calculated separating the emotionally-coloured and semantically neutral sentences for 4 speakers individually. Considering all the vowels may neutralise the effect of
key prosodic features like heightened prominence
on particular syllables. Prominence is the property
by which linguistic units are perceived as standing
out from the sentence [13]. The accented syllable is taken as the indicator of prominence here.
A subset (360 sentences - 60 for each emotion of
male2 speaker with a total of 821 syllable tokens) of
the corpus was segmented at the phonetic level using WebMAUS [5], and the boundaries were hand-

A post-hoc Tukey test (Table 3) revealed that only
apologetic emotion was effected by the semantic influence in the accented syllables. Hence the effect of
semantic influence is not strong for the accented syllables. Now for the unaccented tokens, the emotion
separation is not as good as the accented tokens. But
the difference between emotionally coloured and semantically neutral is visually evident. Also, a Tukey
test (Table 3) confirms this as 4/5 emotions analysed
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Table 3: Results for semantics and emotions on Mean F0 as feature (Bold indicates statistical significance)
Syllable type
Accented
syllable
nuclei

Unaccented
syllable
nuclei

Groups being compared
sem.neutral:anxious-coloured:anxious
sem.neutral:apologetic-coloured:apologetic
sem.neutral:enthusiastic-coloured:enthusiastic
sem.neutral:pensive-coloured:pensive
sem.neutral:worried-coloured:worried
sem.neutral:anxious-coloured:anxious
sem.neutral:apologetic-coloured:apologetic
sem.neutral:enthusiastic-coloured:enthusiastic
sem.neutral:pensive-coloured:pensive
sem.neutral:worried-coloured:worried

Diff. in mean
2.88
-4.04
-0.67
0.28
0.77
3.06
2.49
4.93
7.04
4.01

Lower Conf.
-0.53
-7.75
-4.311
-3.36
-2.77
0.54
-0.35
1.82
4.47
1.22

Upper Conf.
6.29
-0.32
2.97
3.92
4.31
5.57
5.35
8.04
9.60
6.70

p-adj
0.19
0.02
0.99
1
0.99
0.00
0.15
0.00
0.00
0.00

Figure 1: Accented and Unaccented syllable nuclei Mean F0 vs semantics

had statistically significant results. This implies
there is a difference between the accented and unaccented syllables that is affected by the emotional
colouring of the sentence. The presence of emotionally coloured words allows the speaker to impart
prominence to those words specifically (containing
accented syllables), while lowering the prominence
feature (mean F0 here) of the other syllables. For semantically neutral cases there are no semantic cues
for words on which the prominence has to be imparted. Thus there is not much differentiation between the accented and unaccented syllables.

information is better than chance. Secondary emotions are essential for Human Computer Interaction
applications. An in-depth analysis of these emotions is conducted here, and effect of semantics and
prosodic features on the production and perception
of secondary emotions was studied. It was seen that
the speakers use the semantic cues and impart differences among accented and unaccented syllables
during emotion production. This will be an important consideration while developing secondary emotions corpora. Also, the language familiarity of the
participants and the semantics affect the perception
accuracy. The results will be useful for dialog modelling and prosody modelling of secondary emotions
for emotional speech synthesis.

4. CONCLUSION
Past studies and JLCorpus perception test show that
the primary emotions perception without semantic

1782

5. REFERENCES

of four languages, Journal of Phonetics, Volume 37,
Issue 4, pp 417-435
[9] Pereira C, Watson C.I., 1998, Some Acoustic Characteristics of Emotion, In Proc. ICSLP
[10] Scherer, K.R., Banse, R., Wallbott, H.G. et al.,1991,
Vocal cues in emotion encoding and decoding, Motivation and Emotion, Volume 15, Issue 2, pp 123â148
[11] Thompson, W. Balkwill, L., 2006, Decoding
speech prosody in five languages, Semiotica, 407424
[12] Christian Becker-Asano, Ipke Wachsmuth, 2010,
Affective computing with primary and secondary
emotions in a virtual human, Autonomous Agents
and Multi-Agent Systems, vol 20, pp 32
[13] Jacques Terken, 1991, Fundamental frequency and
perceived prominence of accented syllables, in The
Journal of the Acoustical Society of America 89(4 Pt
1):1768-76
[14] Agaath M.C. Slugter, Vincent J. van Heuven, 1996,
Acoustic correlates of linguistic stress and accent in
Dutch and American English, in International Conference on Spoken Language Processing
[15] D.-n. Jiang, W. Zhang, L.-q. Shen, L.-h. Cai, 2005,
Prosody analysis and modeling for emotional speech
synthesis, in Proc. IEEE Int. Conf. Audio Speech Signal Process. (ICASSP), pp. 281-284.
[16] C.H. Wu, W.B. Liang, 2011, Emotion recognition
of affective speech based on multiple classifiers using acoustic-prosodic information and semantic labels, IEEE Transactions on Affective Computing,
vol. 2, no. 1, pp. 10-21 .

[1] Damasio, A., 1994, Descartes’ error, emotion reason
and the human brain, Grosset/Putnam, pp 135-139
[2] Jesin James, Li Tian, Catherine Inez Watson, 2018,
An Open Source Emotional Speech Corpus for Human Robot Interaction Applications, in Proc. Interspeech
[3] Jesin James, Catherine Inez Watson, Bruce MacDonald,2018, Artificial Empathy in Social Robots: An
analysis of Emotions in Speech, In Proc. IEEE International Conference on Robot and Human Interactive Communication
[4] Jesin James, Catherine Inez Watson, 2018, The role
of prosody and semantics in the perception of Secondary emotions, in Proc. ProsLang Workshop on
the Processing of Prosody across Languages and Varieties
[5] Kisler, T.,Schiel, F., Sloetjes, H., 2012, Signal processing via web services: the use case WebMAUS,
in Proc. Digital Humanities, pp 30-34
[6] Kitayama, Shinobu and Ishii, Keiko, 2002, Word
and voice: Spontaneous attention to emotional utterances in two languages, COGNITION AND EMOTION, 16(1):29â59
[7] Pell, M.D., Monetta, L., Paulmann, S. et al., 2009,
Recognizing Emotions in a Foreign Language, in J
Nonverbal Behav, Volume 33, Issue 2, pp 107â120
[8] Marc D. Pell, Silke Paulmann, Chinar Dara, Areej
Alasseri, Sonja A. Kotz, 2009, Factors in the recognition of vocally expressed emotions: A comparison

1783

CATEGORISATION OF SPOKEN SOCIAL AFFECTS IN JAPANESE:
HUMAN VS. MACHINE
Jean-Luc Rouas1 , Takaaki Shochi1,2 , Marine Guerry2 & Albert Rilliard3,4
1 LaBRI

CNRS UMR 5800 Univ. Bordeaux, France 2 CLLE-ERSSàB CNRS UMR 5263, Bordeaux,
France
CNRS Univ. Paris Saclay, Orsay, France 4 Universidade Federal do Rio de Janeiro,
Brazil
3 LIMSI

{jean-luc.rouas, takaaki.shochi, marine.guerry}@labri.fr, albert.rilliard@limsi.fr

ABSTRACT

2. SOCIAL AFFECTS DATABASE
The database used for this experiment is based on
the productions of 19 native Japanese speakers uttering the word “banana” at the end of short scripted
dialogues ending with 16 different social affects
driven by the context using the same paradigm as
described in [9].
Most pragmatic situations correspond closely to
their English label, with the exception of "walkingon-eggs". This expression denotes the feeling a
Japanese speaker would call "Kyoshuku", a concept
defined as "corresponding to a mixture of suffering ashamedness and embarrassment, which comes
from the speaker’s consciousness of the fact his/her
utterance of request imposes a burden to the hearer"
([10], p. 34.).

In this paper, we investigate the abilities of both
human listeners and computers to categorise social
affects using only speech. The database used is
composed of speech recorded by 19 native Japanese
speakers. It is first evaluated perceptually to rank
speakers according to their perceived performance.
The four best speakers are then selected to be used
in a categorisation experiment in nine social affects spread across four broad categories. An automatic classification experiment is then carried out
using prosodic features and voice quality related features. The automatic classification system takes advantages of a feature selection algorithm and uses
Linear Discriminant Analysis. The results show that
the performance obtained by automatic classification using only eight features is comparable to the
performance produced by our set of listeners: three
out of four broad categories are quite well identified
whereas the seduction affect is poorly recognised either by the listeners or the computer.

3. PERCEPTUAL EXPERIMENTS
3.1. Experimental design

First, an evaluation test was designed in order to
evaluate how well each speaker expresses each social affect. This test is carried out with the same
protocol as the one used in [9]. 26 subjects (12 females, 14 males, mean age 31), all Japanese native
speakers from the Tokyo area listened to 304 stimuli (19 speakers performing 16 social affects) and
evaluated each speakers performance. The two best
speakers for each gender are thus selected for all further perceptual tests.
Then, in order to investigate the perceptual capacity of listeners to interpret the prosodic expressions
of affect (audio alone), we conducted a perceptual
test on Japanese native speakers based on a forced
choice paradigm derived from the corpus used for
the performance test. Accordingly to those results
described in [5], we selected for the purpose of this
study 9 contexts which can be further regrouped in 4
clusters: The first cluster is composed of Contempt
(CONT), Irony (IRON), Irritation (IRRI) and Ob-

Keywords: Social attitudes; Speech perception; Expressive speech; Prosodic analysis.
1. OUTLINE
First, we briefly present the database used in this paper (section 2). Then, a first experiment is carried
out which aims at identifying the best performing
speakers in the database. After selecting the two
best performing speakers for each gender, a perceptual test is carried out using those speakers to assess
human performance on the categorisation of nine social affects (section 3). Next, we present the framework and the results for the automatic classification
of social affect (section 4). Finally, we discuss the
results and draw perspectives in section 5.

1784

4. AUTOMATIC CLASSIFICATION OF
SOCIAL AFFECTS

viousness (OBVI) and corresponds to expressions
of imposition. The second cluster is composed of
Politeness (POLI), Seduction (SEDU) and Sincerity (SINC) which are polite and submissive expressions. The third category is composed only of Surprise (SURP) which is a potentially universal affect.
The last category contains only "Walking on eggs"
which is a dubitative expression. We decided to label these broad categories as respectively Imposition, Politeness, Surprise and Dubitative.

Although many researches are addressing the problem of "emotion" or speaker state automatic recognition (see [11] for example), none to our knowledge
try to deal with social affective meaning in speech.
There are however experiments aiming at measuring acoustic distances between social affects as for
example in [7]. Furthermore, the results of our perceptual experiment lead us to believe that discrimination between social affects may be carried out to
a certain extend using automatic classification. We
use the same database but the tests are carried out
using all the 19 speakers (i.e. not with only the 4
best performing ones as in section 3).

A total of 36 stimuli (9 expressions x 4 speakers) were presented in a random order. 29 listeners, native speakers of the Tokyo dialect (19 F/ 10
M) participated in this test. The subjects listened to
each stimulus only once and were asked to answer
the perceived affective expressions amongst 9 possible responses. The interface and instruction were
displayed in Japanese.

4.1. Experimental design

As not much data is available – we have a total of 16
minutes – we devised the experiment as a cross validation one. This means that throughout the experiment, to assure speaker independence of the models,
we use all the data from all speakers except the one
we test for training the models (i.e. 18 speakers are
used for training while 1 speaker is used for the test).
This procedure is repeated until all the speakers have
been tested.

3.2. Results

The results of this experiment are shown on Table 1.
Although the overall correct identification rate is not
very high (33.6%), it is much higher than the chance
level (11.1%). The best recognised social affects are
Surprise (94.8%) and Irritation (61.6%). The worst
recognised affects are Contempt (9.8%), Sincerity
(11.2%) and Seduction (13.8%).

4.1.1. Preprocessing
Since phonetic transcriptions of all the excerpts have
been done manually, we decided to use them as a
basis for our analysis. All the parameters are then
computed on the vocalic segments with the exception of duration, which is computed at the syllable
level. As our target sentence is /banana/, we then
have 3 points of measure, one for each /a/ while duration is computed for /ba/, /na(1)/ and /na(2)/.

Table 1: Perceptual categorisation (29 listeners)
CONT
IRON
IRRI
OBVI
POLI
SEDU
SINC
SURP
WOEG

CONT
9.8
34.8
1.8
5.4
1.8
3.4
3.4
4.3
6.0

IRON
5.4
14.3
2.7
5.4
0.0
4.3
2.6
0.0
2.6

IRRI
45.5
6.3
61.6
29.5
0.0
2.6
0.9
0.0
4.3

OBVI
31.3
7.1
15.2
14.3
9.8
19.8
12.9
0.0
6.0

POLI
5.4
10.7
12.5
5.4
33.0
36.2
42.2
0.0
15.5

SEDU
0.0
17.0
0.9
0.0
12.5
13.8
10.3
0.9
6.9

SINC
1.8
2.7
2.7
5.4
16.1
12.9
11.2
0.0
2.6

SURP
0.0
7.1
2.7
34.8
6.3
2.6
3.4
94.8
7.8

WOEG
0.9
0.0
0.0
0.0
20.5
4.3
12.9
0.0
48.3

As can be seen on Table 1, most confusions seem
to occur within the theoretical categories. For example, Contempt is confused with either Irritation or
Obviousness, while most expressions of Seduction
and Sincerity are identified as Politeness. Using the
broad categories, the results are shown on Table 2.

4.1.2. Features
The features we decided to use are mainly coming
from the matlab toolbox COVAREP [4] which we
modified to add some features and to extract features on selected segments. Out of the 37 computed features, 31 are related to acoustic measurements: fundamental frequency (F0, F0SLOPE, FOVAR), the intensity (NRJ, NRJSLOPE, NRJVAR),
duration (DUR), harmonics amplitude (H1, H2, H4),
formants amplitude (A1, A2, A3), frequencies (F1,
F2, F3, F4) and bandwidth (B1, B2, B3, B4),
differences between harmonics amplitude (H1-H2,
H2-H4), differences between amplitude of harmonics and formants (H1-A1, H1-A2, H1-A3), cep-

Table 2: Perceptual categorisation (broad classes)
Imposition
Politeness
Surprise
Dubitative

Imposition
72.5
20.6
4.3
19.0

Politeness
16.1
62.8
0.9
25.0

Surprise
11.2
4.1
94.8
7.8

Dubitative
0.2
12.5
0.0
48.3

With this clustering, the global correct identification rate is 70%. The most important confusion occurs between the Dubitative and Politeness expressions.
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act process for each step of the cross validation is as
follows, until all speakers have been used for testing:
• Select a test speaker (all the other speakers will
be used for training).
• Carry out the feature ranking process
(IRMFSP) on the training data only.
• For a fixed number of features, train a Linear
Discriminant model
• Estimate the class of all the recordings made by
the test speaker
• Evaluate the performance of the system for the
speaker

stral peak prominence (CPP), harmonics to noise ratios on different frequency bands (HNR05, HNR15,
HNR25, HNR35). 5 features are glottal features that
are computed using inverse filtering (IAIF method):
normalised amplitude quotient (NAQ [2, 1]), quasiopen quotient (qOQ), difference between amplitude
of harmonics 1 and 2 in the estimated glottal signal
(H1H2aiff), parabolic spectral parameter (PSP [3]),
PeakSlope [6], maximum dispersion quotient (MDQ
[12]).
As these features are computed on each vowel,
we thus have three measurements per social affect
per speaker. The number of features per social affect per speaker is thus 111. Some of the features
are normalised in order to remove the effect of gender whenever possible. A further normalisation is
carried out using the "declarative" sentence, which
is considered as reference. All values coming from
the reference sentence are then subtracted from the
values for each social affect.
Given the dynamic nature of speech, incorporating some kind of dynamic measure may help discriminating between the social affects. That is why
we decided to compute the differences between the
values on successive vowels, for each of the features described above. This results in having, for
example for the F0 feature, instead of [F01 , F02 ,
F03 ] a vector containing [F01 , F02 , F03 , F02 −F01 ,
F03 − F02 ]. Integrating this information adds 74
more features to the original 111 features set, resulting in a total of 185 features.

4.2.1. Performance vs. number of features
The first experiment aims at finding the most relevant features. Given the framework described above,
we can evaluate the performance of the system, using a varying number of features, starting with the
most relevant one according to the IRMFSP algorithm.
The optimal number of features is found to be 8.
Since the IRMFSP feature ranking is computed at
each step of the cross validation process, we kept
the ranking at each step and computed the median
ranking for each feature across all speakers. This
way, the eight features that have the best median
ranking are: (1) A12 : amplitude of the first formant on the second vowel, (2) F02 : mean value of
the fundamental frequency on the second vowel, (3)
NRJSLOPE3 : slope of the energy curve on the third
vowel, (4) F41 : frequency of the fourth formant on
the first vowel, (5) F0SLOPE2 − F0SLOPE1 : difference between the slope of the fundamental frequency on the second and the first vowel, (6) NRJ3 −
NRJ2 : difference on the mean value of intensity between the third and the second vowel, (7) MDQ1 :
maxima dispersion quotient on the first syllable, (8)
F0VAR3 − F0VAR2 : difference in the variance of
fundamental frequency between the third and second syllable.
Among those selected features, we can observe
that the first two, i.e. the most discriminant ones, are
measurements made on the middle vowel. On figure
1, it can be seen that the values of the first formant
amplitude on the second vowel are higher for Surprise, Obviousness and Irritation, while the fundamental frequency on the second vowel is higher for
positive expressions (SURP, POLI, SEDU, SINC)
and OBVI and WOEG than for CONT, IRON and
IRRI. The approximated slope of energy on the third
and last vowel show that ending the sentence with
rising energy happens for SURP and WOEG. The
difference between the slopes of F0 on the first

4.1.3. Features selection
Given this quite important number of features, a feature selection algorithm is used to keep only the
most relevant ones. In this work, we decided to use
the IRMFSP algorithm, described in [8]. It consists
in maximising the relevance of the descriptors subset for the classification task while minimising the
redundancy between the selected ones.
This algorithm has the advantage of not trying to
combine the different features (as what would occur
when using a PCA for instance) and of providing a
ranking of the supposed discriminant power of the
features, allowing to explore the compromise to be
made between number of features and expected classification performance.
4.2. Experiments

The classification is carried out using cross validation (leaving one speaker out as described above)
and a varying number of features (from 1 to 185
ranked using the IRMFSP algorithm). Thus, the ex-
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Figure 1: boxplots of some relevant features
(a) A12 (b) F02 (c) NRJslope3 (d) F0slope3 −
F0slope2

Table 4: Automatic classification in broad theoretical classes
Imposition
Politeness
Surprise
Dubitative

Imposition
68.4
38.6
5.3
26.3

Politeness
19.7
47.4
21.1
31.6

Surprise
3.9
3.5
73.7
0.0

Dubitative
7.9
10.5
0.0
42.1

5. DISCUSSION AND PERSPECTIVES
Unfortunately, we were only able to evaluate the
four best speakers in the perceptual experiment.
This is due to the fact that we need to keep the experiment simple to avoid cognitive overload and that
we need to replicate the experiment with many listeners to assess their global behaviour. Concerning
the automatic classification experiment, the design
is of course different: we do not need many trials
because the classification produces the same result
each time, but we need to have as many speakers as
possible to assess the generalisation of the approach.
In that study, we can therefore consider the machine
as a particular listener which is used to evaluate all
the speakers.
Considering only the broad classes of affects,
when looking at the confusion matrix for the perceptual test (Table 2) and the for automatic classification
(Table 4), we can observe a rather similar behaviour:
Seduction is in both case poorly identified, while the
other classes of affect are mostly correctly classified.
As a graphic way of comparison, Figure 2 presents
the performance obtained separately for each social
affect for the automatic classification system and for
a categorisation perceptual experiment.

and second vowel aims at focusing on the contrasts
between rising/falling or falling/rising patterns and
continuing patterns. In that respect, it seems that the
intonation patterns are continuous for most expressions except OBVI, SURP and WOEG.
4.2.2. Results for the best feature set
The results of the automatic classification experiment are given on Table 3. Overall, the classification
achieves a performance of 38.6% of correct identifications. As for the perceptual test, while not being a
great performance, this is much higher than chance.
While looking more closely at the results, we
can observe that the most easily classified affect is
Surprise (78.9%) followed by “Walking on eggs”
(57.9%). Some other affects are mildly recognised,
such as Irritation (52.6%), Obviousness (47.3%) and
Sincerity (47.4%).

Figure 2: % correct for broad classes of social
affects by human and machine

Table 3: Results of the automatic classification
CONT
IRON
IRRI
OBVI
POLI
SEDU
SINC
SURP
WOEG

CONT
36.8
15.8
5.3
5.3
5.3
0.0
5.3
0.0
10.5

IRON
15.8
15.8
10.5
0.0
10.5
31.6
0.0
0.0
5.3

IRRI
5.3
15.8
52.6
10.5
0.0
15.8
5.3
0.0
0.0

OBVI
10.5
5.3
10.5
47.4
5.3
10.5
10.5
5.3
5.3

POLI
0.0
5.3
0.0
5.3
5.3
10.5
5.3
0.0
10.5

SEDU
15.8
10.5
10.5
10.5
10.5
5.3
5.3
0.0
5.3

SINC
5.3
10.5
5.3
10.5
26.3
15.8
47.4
15.8
5.3

SURP
0.0
5.3
5.3
10.5
5.3
0.0
5.3
78.9
0.0

WOEG
10.5
15.8
0.0
0.0
31.6
10.5
15.8
0.0
57.9

With the same 8 features, we reproduced the
whole experiment using only the 4 theoretical
classes, with the same cross-validation procedure.
The results are displayed on Table 4. While achieving a overall identification rate of 60%, the system
performs poorly for politeness and dubitative categories. Politeness is often confused with imposition while the dubitative expression is confused with
both politeness and imposition expressions. The
best recognised expressions are the expression of
surprise and the expressions of imposition.

These results show the similar behaviour between
human perception and automatic classification of the
broad class of social affects. We will need to confirm
these results using more data, particularly by testing
complete utterances rather than a single word. In
the future, we will also reproduce the same experiment using different languages such as French and
English.
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ABSTRACT
The paper describes research on universal and
language-specific patterns of perceiving emotions in
children's speech in German and Russian by the
native speakers of the two languages. The children's
speech presents a reliable material for analysing
emotions as children's emotional expression is
spontaneous and their verbal behaviour is least
determined by social conventions. Two parallel
corpora containing the expressions of an identical set
of emotions (FAU AIBO Emotion Corpus and Corpus
of Russian Children's Emotional Speech) were used.
The emotions were elicited in very similar conditions.
The data from four types of cross-language
experiments were obtained: Germans evaluating
German speech, Germans evaluating Russian speech,
Russians evaluating Russian speech, Russians
evaluating German speech. The confusion matrices of
emotion recognition in all types of experiments were
compared. The universal and language specific
patterns of perceiving emotions were detected and
described in the paper
Keywords: emotional speech, children's speech,
speech perception, cross-language studies
1. INTRODUCTION
Emotional speech has been focused in many studies
[3-6] which address a wide range of problems. They
include a role of intonation patterns, voice quality,
rhythm and major acoustic parameters in expressing
and perceiving emotions. The existing studies
employed different types of emotional speech which
can be natural, elicited, fully acted or synthetic
emotional speech. The analysis of the natural
expression of emotions, however, is very rare as
collecting of authentic emotions can be rather
problematic. [10-12] The existing corpora and
databases of emotional speech are exploited in speech
emotion recognition and emotional speech synthesis
systems. On the one hand, these topics are significant
linguistically, on the other hand, they are of great
importance for applications in the areas of human-
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robot communication and machine learning. [9], [1112]
We are mostly interested on cross-language
differences of emotional speech perception.
It is found out that prosodic patterns employed for
expressing different emotions can vary across
languages. [1-2], [9], [11] It may result in different
emotion recognition strategies in cross-language
perception. Data suggest that confusion patterns of
emotion perception are not symmetrical across
languages. [10]
Although emotions can be identified with relative
accuracy even in unknown languages, the level of
accuracy is higher in native languages. Native and
non-native speakers judging emotions for a language
demonstrate different recognition patterns on both
valence and arousal dimensions. The correct emotion
recognition may be hampered for non-natives
speakers due to the absence of lexical prompt and the
dissimilarity of prosodic features associated with
different emotions in different languages.
The aim of our study was to detect universal and
language-specific patterns of perceiving emotions in
the speech of German and Russian children by adult
native speakers of the two languages. Particularly, we
were interested in the way listeners identified
emotions in case when the semantic content was not
present. The hypothesis was that lexical and
segmental level components would be strongly
required for successful identification of emotions.
However, there should be some universal ways for
expressing emotions across the two languages which
allow high accuracy in perceiving certain emotions.
We were interested in finding out which types of
emotions are normally confused and which ones are
identified correctly even when the lexical prompts are
absent.
The given paper sums up the results of the research
which consisted of six experimental parts. Some
results of the previous work have been reported
earlier. [5, 6]

2. MATERIAL
The human emotional verbal behavior is based both
on universal psychophysiological mechanisms and
cultural conventions. Our main motivation for
analyzing children's speech was the consideration that
children’s emotional behaviour is spontaneous as it is
less determined by social conventions compared to
that of adults’.
That is why the emotional children’s speech is most
suitable for investigating direct correlation between
acoustic characteristics of speech and emotional
verbal reactions.
The study was based on the speech material of two
corpora: the pre-existing FAU Aibo Emotion Corpus
and the Corpus of Russian Children's Emotional
Speech which was specially recorded for the
objectives of the study.
The audio data and emotion label files of FAU Aibo
Emotion Corpus were kindly made available for the
purpose of our study by the developers. It is a corpus
of German spontaneous speech with recordings of
children at the age of 10 to 13 years communicating
with a pet robot [10]. The general framework for the
corpus is child–robot communication and the
elicitation of emotion-related speaker states. The
robot is Sony’s (doglike) robot Aibo.
The Russian corpus was collected strictly according
to the same scenario and conditions. The model of a
robot dog was different though. The corpora vary also
with respect to the size and number of speakers: 9
hours and 51 speakers (German) and 5 hours, 15
speakers (Russian). Despite these differences, the
both corpora can be considered to be parallel as they
contain the expressions of an identical set of emotions
elicited in very similar conditions.
.

45 German utterances
45 Russian utterances
40 modified (20 German + 20 Russian)
The selected utterances (both German and Russian)
were the ones which presented no ambiguity in terms
of emotion category.
Procedure
Task - listen to an audio file and identify the emotion
expressed (marking the choice in the emotion circle
in fig. 1).
Description of emotions
Joyful – the child enjoys the play or finds something
funny
Surpised – the child is (positively) surprised
Motherese – the child addresses the toy in the way
parents address their babies when they are wellbehaving
Reprimanding – the child is reproachful, “wags the
finger”
Emphatic – the child speaks in an accentuated way,
but shows no specific emotion
Neutral – the child shows no emotion
Touchy – the child is slightly irritated
Angry – the child is annoyed or clearly angry
Other – the emotion is different from any on the list,
suggest your variant.

Angry
Joyful
Touchy
Surprised
Reprimanding
Motherese
Neutral Emphatic
Bored
Hesitant

3. METHOD
The speech material of the above-mentioned corpora
was employed in six types of cross-language
perception experiments.

Fig. 1 The emotion circle.

Subjects

3.1. Perception experiment 1

30 Russians native speakers (15 male + 15 female),
aged 25-35, no knowledge of German, no parental
experience.

The aim of the first experiment was to obtain the
evaluations of German emotional utterances from the
Russian listeners.
The stimuli were short utterances (one or two words
long) that had been pronounced by German children
in situations which evoked emotional verbal
reactions. The listeners had to make a decision which
emotion was expressed in each phrase having only
prosodic and segmental prompts. They were asked to

30 German native speakers (15 male + 15 female)
adults, aged 25-35, no knowledge of Russian, no
parental experience.
3 set of stimuli
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select from the emotion circle (fig.1). The listeners
were free to listen to each stimulus as often they liked.

recordings). The row above shows interpreted
emotions (obtained during the perception
experiment).

3.2. Perception experiment 2

The second experiment was designed to check if there
would be recognition confusion among the native
speakers if both semantic and prosodic components
(meaning of the words + intonation clues) were
provided. For this purpose, the same group of Russian
listeners was involved to obtain the evaluations of
emotional utterances in their native language. The
stimuli were 45 utterances from the Russian corpus
containing the samples of all the types of emotional
states which had been taken into account in the
previous experiment.
3.3. Perception experiment 3

In the third experiment the data from the two corpora
were exploited. We selected 20 German and 20
Russian utterances and added white noise to the
signal using PRAAT procedures. Thus we removed
the semantic content while the prosodic features
stayed intact. The experiment was aimed at analyzing
the recognition strategies if the listeners rely only on
prosodic features while the lexical meaning and any
segmental level information is not present.

Table 1: Russian listeners’ evaluations. The
confusion matrix: intended vs. interpreted
emotions (in percentage).
German
Joy
Anger

Joy
43
21

Anger
4
48

Neutral
6
8

Surpr.
32
23

Emph
15
0

Neutral
Surprise
Emphatic
Russian
Joy
Anger

8
7
26
Joy
74
7

23
20
4
Anger
0
62

36
0
0
Neutral
0
0

33
73
50
Surpr.
19
4

0
0
20
Emph
7
27

Neutral
Surprise
Emphatic
Modified
Joy
Anger

0
7
0
Joy
21
16

0
2
13
Anger
18
12

83
0
8
Neutral
17
15

7
91
12
Surpr.
24
44

10
0
67
Emph
20
13

Neutral
Surprise
Emphatic

12
20
0

4
10
7

37
1
13

20
59
27

27
10
53

4.2 German listeners’ evaluations of three sets of
stimuli: recognition patterns

3.4. Perception experiments 4-6

The group of German listeners was involved into the
same types of perception experiments. They also
evaluated three sets of stimuli: 45 Russian utterances,
45 German utterances and 40 mixed utterances. The
conditions of all the experiments were identical.
In the sections below the results of the experiments
and their discussion are presented.
4. RESULTS
4.1 Russian listeners’ evaluations of three sets of
stimuli: recognition patterns

The comparison of the evaluations done by the
Russian listeners and German listeners showed that
there are only 5 frequently recognized emotions in the
both corpora. They are joy, anger, neutral, surprise,
emphatic. The rarely occurring types of emotions
were not analyzed in the study.
The table 1 shows the confusion matrix of the
evaluations of the three sets of stimuli (German,
Russian, modified) done by the Russian listeners.
The left column shows intended emotions
(assessments done by the corpus developers which
were based on experiment protocols and video
1791

Table 2: German listeners’ evaluations. The
confusion matrix: intended vs. interpreted emotions (in
percentage).
German
Joy
Anger

Joy
82
0

Anger
0
92

Neutral
0
0

Surpr.
8
0

Emph
10
8

Neutral
Surprise
Emphatic
Russian
Joy
Anger

2
15
26
Joy
41
24

0
0
5
Anger
7
37

98
0
0
Neutral
0
0

0
80
5
Surpr.
22
9

0
5
64
Emph
30
30

Neutral
Surprise
Emphatic
Modified
Joy
Anger

18
16
32
Joy
23
26

17
8
13
Anger
5
29

45
0
0
Neutral
0
0

6
49
7
Surpr.
32
8

14
27
48
Emph
40
37

Neutral
Surprise
Emphatic

24
18
17

8
11
19

30
0
8

9
34
28

29
37
28

5. DISCUSSION AND CONCLUSIONS
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ABSTRACT
Teasing apart lexical prosody and sentence prosody
has been one of the most difficult tasks in the study of
intonational tunes in tonal languages. Are different
prosodic manifestations stacked, or are they an
integrated whole? With evidence from production
and perception data of the intonational yes/no
question tune in Tianjin Mandarin at sentence level,
this paper proposes that (1) lexical tonal alterations
(a.k.a tone sandhi) are lexical-level prosody and do
not belong to sentence-level tune; (2) pitch accents
induced by information structure are “intra-tune”
features, which are such sentence-level prosody
features that do not cause sentence type change.
Despite being sentence-level prosody features, they
are not a part of the tune for intonational yes/no
question.
Keywords: intonation; tone; Tianjin Mandarin
1. INTRODUCTION
Pitch modulations are used as cues for both sentencelevel and lexical-level prosody in many tonal
languages. However, how to tease apart the prosodies
at different prosodic levels in production and in
perception? Can lexical tones, tone sandhi, pitch
accents from the focus of a sentence ALL be regarded
as components of intonational tunes? If not, what are
intonational tunes composed of?
Plenty of studies investigated various aspects of
tunes in tonal languages. While most of them describe
specific aspects of intonation and argue for the
phonological description for each component([1],
[2]), few have specifically discussed how to integrate
these research results in the prosodic grammar. [3]
and [4] have both presented how Mandarin tunes
should be analysed or transcribed on the whole, yet a
closer look at different sources of the components is
still needed. Empirical attempts have been made to
study the grammar of different tunes in tonal
languages. For instance, [5] investigated the tune of
intonational yes/no questions (hereinafter ‘IntQ’, e.g.
‘This is an apple?’ in English) in monosyllabic
utterances in Tianjin Mandarin (hereinafter ‘TJM’, a
northern dialect of Mandarin with four lexical tones).
They found both a register lift and a floating boundary
tone H̥% i , which were also used as cues for tune
identification. [6] further investigated the chanted call

1793

tune of disyllabic calls in TJM, and discovered an
actual L% boundary tone at the right boundary of the
chanted call tune. However, neither studied whether
pitch manifestations other than lexical tones, such as
tone sandhi and focus accent, can be directly stacked
onto the lexical tones in a sentence tune. The current
paper aims to discuss what intonational tunes consist
of, by way of studying the IntQ tune in the same tonal
language as in [5] and [6], TJM; while the current
study investigates longer utterances that contain
prosodic units larger than prosodic words. Both the
production and the perception results of the current
study corroborated with [5] on the register lift and
floating boundary H̥%, and had extra findings on
tonal alterations and pitch accents.
2. LEXICAL TONES AND TONAL
ALTERATION RULES IN TJM
TJM has four symmetrically distributed lexical tones
([7], [8]): L (T1, low and slightly falling), H (T2, high
and slightly rising), LH (T3, low rising), and HL (T4,
high falling). Its bitonal combinations have four tonal
alteration rulesii as in (1), three of which were used in
the current study to investigate the relationship
between tonal alterations and the tunes.
(1) a. L→LH/__L
e.g. jia(L) xiang(L) → jia(LH) xiang(L) ‘hometown’
b. LH→H/__LH
e.g. wu(LH) dao(LH) → wu(H) dao(LH)

‘dance’

c. HL→L/__HL
e.g. da(HL) di(HL) → da(L) di(HL)

‘earth’

d. HL→H/__L
e.g. bi(HL) xu(L) → bi(H) xu(L)

‘must’

3. PRODUCTION STUDY
3.1. Materials

Two monosyllables (‘mao’, ‘mi’) with different
lexical tones were used as target words and were used
with two different carrier sentences, as shown in (2):
(2) ta(L) shi(HL)/xie(LH) mao/ mi zi(HL)?/.
It/He be
/writes mao/ mi character?/.
It is/He writes the character “mao”/ “mi”?/.
ta(L) shi(HL)/xie(LH) mao/ mi zi(HL)?/.
It/He be
/writes mao/ mi character?/.
It is/He writes the character “mao”/ “mi”?/.

The carrier sentences were designed to serve the
following three purposes: First, the carrier sentences
were used to detach the varying lexical tones from the
intonational phrase boundaries, so that the potential
pitch accents could be discovered. Second, the carrier
sentences created a fixed sentence prominence by
way of a syntactic structure that automatically sets the
target words as the narrow foci of the sentences;
random assignment of foci in broad-focus sentences
(see [9]) was thus avoided. The variation of the
lexical tones of focused words and the potential
associating post-lexical pitch accents then could have
a direct interaction. The third purpose of the carrier
sentences is to vary the lexical tones of the syllable
preceding the prominence to create tonal alteration
conditions. This study used two different tones for the
syllables preceding the target words – shi (HL) and
xie (LH), to create tone alteration conditions (Rule 1b,
c, and d) in order to examine whether tone
dissimilation rules have a post-lexical effect on the
tunes in TJM.
3.2. Speakers and Procedures

Six native speakers of TJM (3 male and 3 female)
were recorded. All speakers were born and raised in
the city area of Tianjin and spoke TJM on a daily
basis. The reading was recorded using a Rode NTUSB Microphone with Audacity onto a PC, at a
sampling rate of 44.1 kHz. The informants were given
time to briefly familiarise themselves with the
materials before the experiment started. The test
materials were presented as Chinese characters
without context in a Microsoft PowerPoint
presentation. The informants were asked to read form
the screen as naturally as they could, by producing a
statement when seeing a Chinese full stop “。 ” at the
end of the utterances, and an IntQ when seeing a
Chinese question mark “？ ”.

296.0ms; TYPE: χ2(1) = 16.10, p < 0.001***), while
the post-nuclear accents were longer in the IntQ tune
̅̅̅̅̅[IntQ] = 320.5ms, Dur
̅̅̅̅̅[S]
than in the statement tune (Dur
= 281.2ms; TYPE: χ2(1) = 9.16, p = 0.002**). These
results indicated that the floating tone at the right
boundary added length to the IntQs, while
compressing the nuclear parts to highlight the
prosodic prominence. This type of final lengthening
is boundary-induced (c.f. tune-induced in [6]), which
is not likely to be a perceptual cue.
Register: The register of the IntQs was higher
than statements as indicated by the mean pitch data
(TYPE (χ2(1) = 9.80, p = 0.0017**) and TONE (χ2(3) =
15.01, p = 0.0018**)). Moreover, both maxima and
minima were higher in IntQs than in statements
(maximum pitch: TONE (χ2(3) = 119.07, p <
0.001***), TYPE (χ2(1) = 7.84, p = 0.0051**);
minimum pitch: TONE (χ2(3) = 124.33, p < 0.001***),
TYPE (χ2(1) = 12.10, p = 0.0005***), TYPE*TONE
(χ2(3) = 72.95, p < 0.001***)). These results
indicated that the register was lifted, instead of merely
being expanded. The post-nuclear accent had the
biggest difference between the mean pitch of the IntQ
tune and the statement tune, while the pre-nuclear
accent only marginally differed in statements and
IntQs. The nuclear accent in the IntQ tune was higher
than its statement counterpart, but the difference is
not as big as in the post-nuclear accents.
Pitch accents: The alignment data of the pitch
maxima and minima of both the IntQ tune and the
statement tune were consistent, and did not show any
significant overriding pitch accent (maxima
alignment – TYPE (χ2(1) = 0.016, p = 0.9, n.s.; minima
alignment – TYPE (χ2(1) = 0.68, p = 0.41, n.s. Table
1). Combining the alignment data with the data of
mean pitch, pitch maxima and pitch minima, a H*
was found to be potentially associated with the
prominence.
Table 1. Distances from F0 maxima/minima to the
onsets of sentence nuclei

3.3. Results

A mixed-effect model was used to analyse the
relationship between various independent variables
(duration, mean pitch, F0 range, etc.) and Tune TYPE
and TONE. TYPE (Statement, IntQ), TONE (L, H, LH,
HL), TYPE: TONE interaction, RHYME ([aʊ], [i]), and
GENDER (M, F) were taken as fixed effect factors.
SPEAKER (6 different informants) and ITEM (16
tokens) were held as random-effect factors, with
intercepts for both SPEAKER and ITEM, as well as by
SPEAKER random slopes for the effect of TYPE.
Duration: At the utterance level, the mean
duration of the IntQs was longer than that of the
statements. The nuclear accents in IntQs were shorter
̅̅̅̅̅ [IntQ] = 274.7ms, Dur
̅̅̅̅̅ [S] =
than in statements ( Dur
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The post-nuclear accent went through post-focus
compression: the mean F0 range of post-nuclei in
IntQs and statements were 1.21ERB and 1.07ERB,
while the its statement nuclei counterpart was
2.55ERB on average. However, these differences
were results of the focus. The difference in tunes did

not generate any pitch accent difference.
Additionally, although tonal dissimilation rules
brought a phonetic carry-over effect, they did not
create any phonologically meaningful pitch accent or
boundary tone.
Edge/ Boundary tone: Consistent with the
analysis in [5], the IntQs in the current study also had
smaller F0 range than statements. Taking into the
duration results of boundary-induced lengthening in
IntQ tune, the floating H̥% boundary tone analysis
was thus also supported.
3.4. Discussion

The results can be summed up as the following six
information points:
(a) a boundary-induced final lengthening in IntQ
tune;
(b) an overall lifted register in IntQ tune;
(c) a H* pitch accent associated with the sentence
prominence;
(d) a compressed post-nuclear accent;
(e) a phonetic carryover effect induced by tonal
alteration rules;
(f) and a floating H̥% boundary tone in IntQ tune.
Apart from the above six features, lexical tone is also
a part of the prosody. Which of these seven prosodic
features belong to the tune of IntQ then? The first
principle is that the components have to be on the
sentence level. Lexical tones are thus excluded. Tonal
alteration rules in (e) did not create any phonological
change on sentence-level prosody despite being
phonological rules themselves on the lexical level.
The second principle is to examine the source of the
prosodic features. Lengthening could be a sentencelevel prosodic features as in the chanted call tune in
[6]; however, in the current study, the lengthening
was induced by the boundary phenomenon. (a) is
therefore also eliminated. (c) and (d) seem to be the
most qualified candidates for sentence-level prosodic
features; however, they are induced by sentence
prominences, which exist both in the statement tune
and the IntQ tune. So, such pitch accents caused by
information structures can be called ‘intra-tune’
features instead of ‘inter-tune’ features. Therefore,
only (b) and (f) remain in the IntQ tune expression:
lifted register + floating H̥%
4. PERCEPTION EXPERIMENT
Perception data were collected to investigate how the
tunes are processed and whether the phonologically
meaningful prosodic features are used in
identification (i.e. ‘unstacking’) of the tunes.

1795

4.1 Participants

A total of 28 native Tianjin speakers (13 female; 15
male) participated in this perception experiment.
Their age ranged from 20 to 28 years old (mean age
= 20.25). None of them had any hearing loss or
speech disorders. The participants were not the same
participants as the informants in the production study.
4.2 Stimuli and Procedures

The sentences from the production study were used
as stimuli for the participants to identify whether they
were questions or statements. The experiments were
conducted in a quiet room at Tianjin University with
the auditory stimuli being played through individual
closed-ear headphones (Sennheiser PX200 stereo
headphones). The participants were tested in groups
of a maximum of five. The participants were asked to
decide whether each stimulus was a question or a
statement. They made their choices on custom-made
individual two-button handsets which were labelled
as “陈述。” (‘statement’ in Chinese, with a Chinese
full-stop) above the left button, and “ 疑 问 ？ ”
(‘question’ in Chinese, with a Chinese question mark)
above the right button. The stickers were switched for
left-handed participants to keep the “question” choice
on their dominant-hand side. The participants were
explicitly instructed to press the buttons with their
thumbs and make their responses as accurate and as
fast as possible.
4.3 Results

All the accuracy data were analysed with generalised
linear mixed models. To analyse the accuracy of the
responses, binomial regression models were
constructed with the ACCURACY (Correct, Incorrect)
as the dependent measure. The fixed factors were
TONE (L, H, LH, HL), TYPE (IntQ, Statement), and
their interaction TONE * TYPE. PRETONE (LH, HL),
SUBJECT, and ITEM were the random factors, with
intercepts for all three random factors, as well as bySUBJECT random slopes for the effect of TYPE.
Models including the main effects or the interaction
were compared to the same models without main
effects or interaction through Likelihood Ratio Tests,
where the p-value is derived. When further
examination of the interaction between the two main
effects was needed, post hoc Tukey HSD tests were
conducted. The reaction time data were analysed with
linear mixed effect models, with the same main
factors and random factors as in the accuracy models.
To simplify the presentation of results, the tones
are ranked by their descriptive results: the order of
accuracy is descending, while that of the reaction time
is ascending. Both orders indicate that on average the

participants made more accurate and faster choices
for the ones on the left than the ones on the right. The
almost equal sign “≈” is used for symbolising that the
two elements connected do not differ significantly
from each other. The greater-than and lesser-than
signs are used to indicate significant differences.
The results of the accuracy exhibited a significant
interaction between TONE and TYPE, TYPE*TONE
(χ2(3) = 36.21, p < 0.001***). The identification rates
were generally high: the accuracy of IntQ tune saw
the highest in H and HL, both reaching over 90%; LH
and L were lower, but still reached more than 70%.
For statements, the accuracy of HL, LH, and L were
all more than 90%, but H once again fell to chance
level, 53.9%. Combining the descriptive data and the
post hoc Tukey HSD test, the results can be
demonstrated as in (3) and (4):
(3)
IntQ: T2(H) ≈ T4(HL) > T3(LH) ≈ T1(L)
(4)
S:
T4(HL) ≈ T3(LH) ≈ T1(L) > T2(H)
These accuracy results showed that the starting
part of each lexical tone of the target words influences
the identification: when the lexical tone of a target
word started with a H tone, it was more likely to be
identified as an IntQ tune than the low starting tones.
Vice versa, in statements, the tones that started low
were preferred. The starting tone was the sign of pitch
register level. These results indicated that the pitch
register was an important cue for the identification of
IntQ tune. The reaction time data showed that TYPE,
and TONE*TYPE interaction were the significant
factors that affected the reaction time of the
responses: TYPE (χ2(1) = 0.25, p = 0.62, n.s.), TONE
(χ2(3) = 4.76, p = 0.19, *), TYPE*TONE (χ2(3) = 16.62,
p = 0.0008***). The trend was consistent with that of
the accuracy: HL, H, LH were all shorter than L in
IntQs; H was longer than all other tones in statements.
It can be expressed as (6) and (7):
(6)
IntQ: T4(HL) ≈ T2(H) ≈ T3(LH) < T1(L)
(7)
S:
T3(LH) ≈ T4(HL) ≈ T1(L) < T2(H)
Figure 1. Reaction time of the identification task

Compared with the reaction times reported in [10] for
tune identification of monosyllabic utterances, the
reaction times in the current experiment were much
shorter (Figure 1). This indicated incremental
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processing of sentence tunes. Therefore, in this
experiment, the boundary information only facilitated
the identification when the lexical tones interfered
with the identification.
In addition, we also separately examined the effect of
tonal alterations rule on the processing of IntQ tune.
Two carrier sentences with different tones (LH, HL)
preceding the target words were involved in the
experiment. Accuracy and reaction time were
statistically tested with a mixed-effect model – TONE,
TYPE, RULE of tonal dissimilation, and the interaction
between TYPE*RULE were the fixed factors. SUBJECT
and ITEM were taken as random factors, with
intercepts for both SUBJECT and ITEM, as well as bySUBJECT random slopes for the effect of TYPE. The
interaction of TYPE*RULE was the most important
factor in the current analysis. The accuracy results
showed a significant difference (TYPE*RULE (χ2(3) =
30.97, p < 0.001**) between the tones that went
through dissimilation and the tones that did not. In the
statement tune, whether there were dissimilation rules
or not did not create a huge difference, although the
ones that went through tonal dissimilation had
slightly lower accuracy by 3.7%. In the IntQ,
however, this discrepancy was enlarged to 17.1%.
The reaction time data did not differ between the two
conditions (TYPE*RULE (χ2(1) = 2.64, p = 0.104,
n.s.). These results revealed that tonal dissimilation
rules, despite being on the lexical level, placed more
cognitive burden on the identification, especially in
IntQs which were already more difficult than the
statements.
5. SIGNIFICANCE ANF FUTURE STUDIES
The significance of this study is three-fold: firstly, the
results support the monosyllabic IntQ analyses in
[10]; secondly, it provides a closer examination of
other aspects that monosyllabic utterances could not
incorporate; lastly, the current study provides insights
to the questions in the beginning of this paper: how
the intonational tunes are stacked and how listeners
unstack them during tune processing? To answer, we
propose: (a) Tone sandhis are lexical, so they do not
belong to the intonational tunes. Nevertheless, they
do affect tune processing as extra cognitive load. (b)
Pitch accents induced by information structure are
“intra-tune” features, which are such sentence-level
prosody features that do not cause sentence type
change. They should not be included in the tunes
despite being sentence-level prosody features, since
intonation tunes should be described contrastively
and minimally. An ongoing further investigation is on
an “inter-tune” prosody stacking of list intonation and
IntQ to analyse more complicated interactions.
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ABSTRACT
The Iambic/Trochaic Law has been a long standing
hypothesis on linguistic rhythm. However, it has yet
to be tested with languages that are rich in tone. Based
on predictions of the Iambic/Trochaic Law, this paper
examines phonetic evidence in terms of duration and
intensity in Chaozhou (Teochew, Southern Min), a
six-tone language with bidirectional sandhi spoken in
the Chaoshan region of China, Hong Kong, and
Southeast Asia. Data elicited from two native
speakers reading seventy-two disyllabic units
exhausting the tonal combinations based on the two
sandhi types (i.e. left and right dominant tone sandhi)
was submitted to LMER models with R to test
whether there is an interaction between rhythmic
types (i.e. positions of prominence within a disyllabic
domain) and tone sandhi types. Results showed the
expected interaction, and significant duration and
intensity contrasts for the respective sandhi type.
Keywords: Iambic/Trochaic Law, linguistic rhythm,
bidirectional tone sandhi, tone and stress, Chaozhou
1. INTRODUCTION
As an extralinguistic basis for prosodic foot typology
[e.g. 1-3], the Iambic/Trochaic Law [4, 5] states that
elements contrasting in intensity naturally form
groupings with initial prominence (trochees),
whereas elements contrasting in duration naturally
form groupings with final prominence (iambs). While
the Iambic/Trochaic Law has been proposed as
independent evidence for metrical foot since 1980s by
Hayes based on relevant support from psychology
since over a century ago, its applicability to tone
languages has yet to be thoroughly discussed. [6]’s
study on Betaza Zapotec (Oxaca, Mexico), a fourtone language whose tone and stress do not interact,
has offered a succinct review of studies on rhythmic
grouping, pointing out that earlier studies just tested
native speakers of a few languages, among which
speech-like stimuli were only used for western
European languages [7-9]. They called for testing of
more non-European languages and phonetic baseline
measures of intensity from production studies.
Beyond European languages and Zapotec, tone
languages spoken in Asia typically adopt pitch in
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form of tone sandhi as the most salient cue to indicate
phonemic and prosodic contrast. We know little about
how prominence in terms of intensity and duration as
stated in the Iambic/Trochaic Law is indicated and
interacts with pitch in terms of tone sandhi.
In an attempt to find rhythm in tone languages
based on the Iambic/Trochaic Law, this paper tests
the Law with phonetic evidence in terms of duration
and intensity [10-13]. Duration and intensity cues are
expected to be present on top of tone sandhi to
indicate rhythm. First hand data of Chaozhou, one of
the Teochew dialects (Southern Min, Chaoshan) [1417], will be used to illustrate the discussion.
Audio-recordings from two native speakers of
Chaozhou were recorded in a sound booth, processed
with Praat [18], and submitted to Linear Mixed Effect
Regression (LMER) Models with R [19] to generate
estimates of duration (ms) and intensity (dB) for
determining whether the durational and intensity
contrasts within disyllabic units of both sandhi types
are significant. Model comparisons were also made to
check whether sandhi type interacts with syllable
position. Based on the statistic comparisons of
phonetic measurements, this paper evaluates the
hypothesis and predictions based on the
Iambic/Trochaic Law [4, 5].
2. BIDIRECTIONAL TONE SANDHI AND
RHYTHMIC TYPES
2.1. Tone inventory and bidirectional sandhi

Table 1 depicts the six lexical tones for sonorant-final
syllables in Chaozhou as tone letters [14], following
previous treatments for Chaoyang [11-12, 20].
Table 1: Tones in Chaozhou [14].

Citation tone
33
53
213
55
35
11

Tone letter
M
HM
LM
H
MH
L

Each of the six tones undergoes sandhi to another
tone depending on whether it is on the first or second

syllable of a disyllabic unit, regardless of the tonal
content of the trigger. Right dominant tone sandhi
refers to tonal changes observed on the left syllable
whereas left dominant tone sandhi on the right. For
example, the disyllabic unit HM.MH surfaces as
MH.MH for right dominant sandhi but HM.L for left
dominant sandhi. As in Table 2, right dominant
sandhi holds four different tones (H, M, L, and MH)
in its sandhi position, and left dominant position holds
only two (L and LM) in its sandhi position.
Table 2: Right and left dominant tone sandhi [14].

Tone letter
M
HM
LM
H
MH
L

Right dominant
tone sandhi
M
MH
H
L
L
L

Left dominant
tone sandhi
L
LM
L
L
L
L

With bidirectional tone sandhi [21] within one
language, not only can we make within sandhi type
comparison between the first and second syllables,
but also across sandhi type comparison between the
citation syllables in both sandhi types, between the
sandhi syllables in both types, and between the sandhi
syllables and their citation counterparts in the other
type. This offers a six-way comparison in terms of
duration and intensity to unveil the relative
prominence of syllables in different positions within
a disyllabic unit of both sandhi types.
Based on the assumption of the relationship
between tonal stability and prosodic prominence [22],
syllables with citation tones are considered to be more
prominent than those with sandhi tones. Since right
dominant tone sandhi changes the tone on the left, it
is expected to pattern with the iambic rhythm. As the
left dominant tone sandhi changes the tone on the
right, it is expected to behave like trochees.
2.2. Hypothesis and predictions

Hypothesis: The Iambic/Trochaic Law [4, 5] holds
for complex tone languages.
Prediction 1: Duration contrast is expected for
right dominant tone sandhi whereas intensity is
expected for left dominant tone sandhi.
Prediction 2: Sandhi syllables are less prominent
than citation syllables in the same syllable position,
in terms of duration and intensity.
Prediction 3: Citation syllables of different
rhythmic types are more prominent in their
corresponding phonetic cues, while sandhi syllables
are less prominent.
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3. METHODOLOGY
3.1. Subjects

Audio-recordings were obtained from two native
speakers of Chaozhou in their 20s. They were both
born and raised in the Chaozhou speaking area of the
Chaoshan region, China.
3.2. Stimuli

The data was elicited with a wordlist of seventy-two
disyllabic units, covering all possible tonal
combinations for both sandhi types. For example,
citation tone H was paired with each of the six citation
tones, so as to obtain data of all six sandhi forms when
in combination with another syllable, resulting in six
combinations for each tone, and thirty-six
combinations for all six tones. After repeating the
same process for the two sandhi types, this provides
seventy-two combinations. The wordlist was
randomized, and produced five times by each
speaker. This gives us a total of 1440 tokens of data
(6 tones x 6 tones x 2 syllables x 2 sandhi types x 5
iterations x 2 speakers).
This study used real words to ensure expected
sandhi effects. Onset (nil, sonorant, aspirated stop,
non-aspirated stop), vowel height (high, mid, low),
and coda (nil, nasal, stop) were treated as random
factors in the LMER models in section 4. For
morphosyntactic structures, there are compounds,
noun phrases, verb phrases, adjectival phrases, and
adverbial phrases.
3.3. Data collection and analysis

The data was recorded in a sound booth using an
earset microphone, attaching to a portable digital
recorder at a sampling frequency of 44100Hz,
monitored by the experimenter with a headphone set.
The subjects were presented with the randomised
words on a laptop one at a time, and were asked to
read the words in a natural way. Subjects were also
asked to fill in a language background questionnaire
after the recording session so as to provide
information on the specific Teochew dialect that they
speak and potential interference from other dialects or
languages to the one under investigation.
Segmentation of the recordings, and extraction of
syllable duration and maximal intensity were
performed in Praat [18]. The duration and intensity
measurements were compiled as a main data file to
submit to LMER models in R [19]. lmerTest [23] was
adopted in order to generate estimates for disyllabic
units at both positions (i.e. the first and second
syllables) of two sandhi types (i.e. right dominant and
left dominant tone sandhi) for determining whether

the durational and intensity contrasts of each estimate
point are significantly different from each other in the
expected direction under the Iambic-Trochaic Law [4,
5]. P-values were calculated with the Satterthwaite
approximation, one of the most conservative methods
of p-value calculation for LMER models having a
small number of subjects [24].
4. RESULTS
The LMER model for both duration and intensity
consists of fixed effects of sandhi type (left dominant
and right dominant) and position of syllable (first,
second). As random effects, there are intercepts for
items, speakers, onset, vowel height, coda. Since
sandhi type and position of syllable are important
factors to our model, the model has also specified the
by-speaker and by-item random slopes for the effect
of position of syllable. It has also specified the byspeaker random slope for the effect of sandhi type.
Figures 1 and 2 display the plots of LMER
estimates of duration and intensity respectively. Right
dominant tone sandhi is in pink and left dominant
tone sandhi is in blue. The estimates and p-values are
listed in Tables 3 and 4 following their corresponding
figures. For the convenience of description, I will
refer to the first and second syllables of right
dominant tone sandhi as R1 and R2; and those of left
dominant tone sandhi as L1 and L2.
Figure 1: Plot of LMER estimates of duration (ms)
for right (pink) and left dominant tone sandhi (blue).

left dominant

Table 3: LMER estimates for duration (ms).

R1 vs. R2
L1 vs. L2
R1 vs. L1
R2 vs. L2
R1 vs. L2
L1 vs. R2

est. 2
p
242.877 < 2e-16
173.614 < 2e-16
218.43 3.92e-05
173.614 <2e-16
173.614 0.0248
242.877 0.000447

Figure 2: Plot of LMER estimates of intensity (dB)
for right (pink) and left dominant tone sandhi (blue).

right dominant
left dominant

Table 4: LMER estimates for intensity (dB).

R1 vs. R2
L1 vs. L2
R1 vs. L1
R2 vs. L2
R1 vs. L2
L1 vs. R2

right dominant

est. 1
189.255
218.43
189.255
242.877
189.255
218.43

For duration, LMER results show that the two
sandhi types go different directions over the course of
a disyllabic domain, in which the right dominant tone
sandhi has a longer second syllable than its first
syllable while the left dominant tone sandhi has a
shorter second syllable than the first. The citation
syllables R2 and L1 are significantly longer than the
sandhi syllables R1 and L2, with L1 being
significantly the longest and L2 being significantly
the shortest.

sig.
***
***
***
***
*
***
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est. 1
64.3391
66.5522
64.3391
64.9631
64.3391
66.5522

est. 2
p
64.9631 0.017408
62.7347 < 2e-16
66.5522 6.16e-06
62.7347 7.06e-06
62.7347 0.000928
64.9631 0.000815

sig.
*
***
***
***
***
***

For intensity, LMER results show that the citation
syllables L1 and R2 are significantly louder than the
sandhi syllables R1 and L2, with L1 being the loudest
and L2 being the quietest, stretching for a bigger
intensity contrast for the left dominant tone sandhi.
Overall, the citation syllables of both sandhi types
are longer and louder than the sandhi syllables of both
sandhi types. Between the citation syllables, syllables
are longer or louder according to the prominence cue
for each sandhi type as predicted. Moreover, for
intensity, the sandhi syllable of left dominant tone
sandhi L2 is also found to be the quietest among the
four, maximizing intensity as a cue to signal initial
prominence within a disyllabic domain.
Besides, likelihood ratio tests indicate that the
interaction is significant between sandhi type and
position of syllable for both duration (χ2 (1) = 43.58,
p = 4.069e-11) and intensity (χ2 (1) = 18.599, p =

1.613e-05). The effect of sandhi type increases over
the course of a disyllabic unit.
5. DISCUSSION
For Prediction 1, the hypothesis predicts duration and
intensity asymmetries between the two sandhi types.
For duration, syllables within a disyllabic unit
contrast significantly for both left and right dominant
tone sandhi. For intensity, syllables within a
disyllabic unit also contrast significantly for both left
and right dominant tone sandhi.
This indicates that the Chaozhou speakers rely
fairly evenly for both duration and intensity to signal
prominence, which is not predicted. The details of the
relative prominence of syllables in different positions
within disyllabic units of the two sandhi types in
terms of duration and intensity will be examined via
Prediction 2 and Prediction 3.
For Prediction 2, sandhi syllables are predicted to
be less prominent than citation syllables in the same
position of syllable, in terms of duration and/or
intensity. When holding the position of syllable
constant, the sandhi syllable of right dominant tone
sandhi (R1) is expected to be shorter and quieter than
the citation syllable of left dominant tone sandhi (L1).
Similarly, the sandhi syllable of left dominant tone
sandhi (L2) is expected to be quieter and shorter than
the citation syllable of right dominant tone sandhi
(R2).
From the LMER results, R1 is significantly shorter
and quieter than L1 as predicted. Also as predicted,
L2 is significantly shorter and quieter than R2. The
results suggest that prosodic heads are more
prominent than non-heads in a way that conforms
with the Iambic/Trochaic Law.
For Prediction 3, citation syllables of different
rhythmic types are predicted to be more prominent in
their corresponding phonetic cues, while sandhi
syllables are less prominent. When comparing the
citation syllables of left and right dominant tone
sandhi, that is L1 and R2, L1 is expected to be louder
but shorter than R2. When comparing the sandhi
syllables of left and right dominant tone sandhi, R1 is
expected to be shorter but louder than L2.
Based on the LMER results, L1 is significantly
louder but shorter than R2 as predicted. This indicates
that the prosodic heads of the two sandhi types tend
to be more prominent particularly in duration or
intensity depending on whether the head is initial or
final within a disyllabic unit, just as iambs and
trochees.
Also, R1 is significantly louder than L2 as
predicted. This suggests that the non-head of an initial
prominent disyllabic unit tends to be quieter.
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However, R1 is longer than L2, which is not
predicted.
Thus far, prominence based on duration and
intensity contrasts largely matches that based on tonal
behaviours. All comparisons except three do not
match the hypothesis. They are the durational and
intensity asymmetries in Prediction 1, and that the
sandhi syllable of right dominant tone sandhi (R1) is
expected to be shorter than the sandhi syllable of left
dominant tone sandhi (L2).
6. CONCLUSIONS
This paper has presented a brief illustration of testing
the Iambic/Trochaic Law [4, 5] on a complex tone
language, Chaozhou, with phonetic measurements in
terms of duration and intensity. LMER results have
shown that prominence indicated by duration and
intensity contrasts largely behaves the way as
predicted by the Law. This suggests that tone sandhi
can be metrically-motivated via duration and
intensity, contributing to the rhythmic organization of
tone languages altogether. It also provides an
explanation for relevant segmental changes in tone
languages under metrical influences. This paper has
offered novel evidence for metrical prominence of
tone languages based on the Iambic/Trochaic Law,
adding complex tone languages spoken in Asia and
production results to our understanding of rhythmic
groupings in human speech. Future analysis can look
into the morphosyntactic and semantic structure of
the two sandhi types, and longer prosodic domains.
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GESTURAL REPRESENTATIONS OF TONE IN MANDARIN: EVIDENCE
FROM TIMING ALTERNATIONS
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to the syllable to yield CCV and adding a lexical tone
to yield, e.g., CV̀, result in the same pattern of relative timing—it is as if the tone is functioning as an
onset consonant. Since [6], this gestural approach
to tone has served as a working hypothesis within
Articulatory Phonology and one that presents a viable alternative to the analysis of tones as autosegments. However, this analysis makes a key prediction, which has yet to be tested: within the same
language, CV syllables with and without tone are
predicted to differ in timing. Specifically, the lag
between consonant and vowel gestures should increase in a syllable with tone relative to a closely
matched syllable without lexical tone. In this paper,
we present what is, to our knowledge, the first empirical evidence for tone-conditioned timing variation of the type uniquely predicted by the Articulatory Phonology approach to tone.

ABSTRACT
We tested predictions of the Articulatory Phonology
analysis of tone as gesture, providing the first direct
comparison of C-V timing between syllables with
and without tone. In an EMA study of Mandarin
Chinese, syllables with a full tone were compared
to two types of segmentally-matched toneless syllables: lexically-toneless and contextually-reduced.
The key prediction is that presence of tone will condition a larger lag between the onset consonant and
the vowel. Four native speakers showed this pattern–
a larger C-V lag for syllables with tone–providing
evidence that tone conditions timing lag. We also
compared f0 trajectories across the two types of toneless syllable. Contrary to past reports, we found individual differences in whether contextually-reduced
syllables were produced with a full tone. In contrast, all speakers produced lexically-toneless syllables with f0 trajectories resembling linear interpolation between flanking tones.

2. APPROACH
In order to assess the timing alternations between
syllables with and without lexical tone, we make
use of two types of “toneless” syllables in Mandarin Chinese: (a) certain grammatical morphemes
have no tone specified, including the sentence-final
question particle, and (b) certain productive compounding paradigms remove the tone of embedded non-head members [4]; specifically, compounding disyllabic words with a noun-head result in a
toneless second syllable (/bō.lí/ glass + /bēi/ cup
> [bō.li.bēi]), whereas compounding two monosyllabic words with a noun-head does not result in
such tonelessness (/liáng/ measuring + /yóu/ oil +
/bēi/ cup > [liáng.yóu.bēi]). We call the lexicallyunspecified toneless syllables the Absent condition
and the contextually-reduced toneless syllables the
Reduced condition.
For Aim I, we compare both of these types of
“toneless” syllables to matched full-tone targets, addressing the AP hypothesis regarding the timing alternations of syllables with and without lexical tone.
Specifically, we calculate the C-V lag (of a CV syllable) by subtracting an index of consonant onset from
an index of vowel onset. The key prediction is that

Keywords: lexical tone, Mandarin Chinese, articulatory phonology, EMA, individual variation
1. INTRODUCTION
The primary argument that lexical tones are articulatory gestures, as in the phonological primitives of
Articulatory Phonology [5], has come from the way
that tones interact with other gestures. Specifically,
lexical tone has been argued to condition patterns
of relative timing between consonants and vowels
based on evidence from kinematic data. In syllables
with complex onsets (and no lexical tone), the onset of movement of a vowel tends to occur during
the middle of the preceding consonant cluster, the
so-called “c-center” effect [3, 11, 8, 14, 7].
Similarly, in languages with lexical tone, the
vowel has been observed to begin movement around
the midpoint between the onset consonant and the
tone, a pattern reported in Mandarin Chinese [6],
Thai [10], and Lhasa Tibetan [9]. Considered relative to a toneless CV syllable baseline, for which onset consonant and vowel begin movement at roughly
the same time, it is striking that adding a consonant
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Table 1: Example stimulus set

Condition
Full
Reduced
Absent

Context

Carrier

Target

zhè yī lèi tùzi xǐhuān bǎ shù pí qǐ kāi, zhǎo chóngzi chī.
wǒmen gěi tā qǐmíng jiào qǐ mù tù
This type of rabbit likes prying off tree bark to look for bugs to eat. We call it: a bark-prying rabbit.
zhè yī lèi tùzi hěn xǐhuān ānjìng de kàn qítā de tùzi.
wǒmen gěi tā qǐmíng jiào qǐmu tù
This type of rabbit likes quietly watching other rabbits. We call it: an admiring rabbit.
zài yīgè jǐubā, xīn lái de fúwùyuán hěn bèn. lǎobǎn wèn: píngzi gài dōu bù huì
qǐ mə tā
At a bar, there’s a new employee who’s incompetent. The manager asks: “he can’t even open a bottle?”

C-V lag will be longer in the Full-tone condition than
the Reduced-tone or Absent-tone, due to the presence of the tonal gesture.
While the literature claims these two types of
syllables are equally toneless, we are also addressing this claim, in Aim II, by evaluating f0 trajectories for tone specification, applying the method of
[15]. Specifically, we calculate the posterior probability that an f0 trajectory was a smooth interpolation between two flanking tonal targets–the f0 targets
(peaks) of the tones in the syllables preceding and
following the target syllable. The reasoning goes:
if the target syllable has no lexical tone, then its f0
contour will be statistically indistinguishable from a
linear interpolation between the preceding and following tonal peaks, as often assumed [12, 1]. If, on
the other hand, the target syllable does have a tone,
then the f0 trajectory will be clearly distinguishable
from linear interpolation.

dition, resulting in a total of eight sets of three sentences each; one example is shown in Table (1). All
the sentences were judged by three native speakers to
be acceptable. We consider these stimuli to be an improvement from existing studies because they comprise syllables that are ecologically valid in terms
of Mandarin phonotactics as well as morphological,
syntactic, semantic, and pragmatic structure.
3.2. Participants

Four males were recruited from the Yale University
community; their ages ranged from 19 to 25 (mean =
21.3) years of age. All were native speakers of Mandarin Chinese (screened before participation), and
one was also a native speaker of American English.
The procedures were explained and the experiment
was conducted in Mandarin by the first author.
3.3. Paradigm & Procedure

3. METHODS

For each experimental item, each speaker read the
context silently, pronounced the carrier phrase with
the target, and then pronounced the target alone.
Each block contained all eight sets of three conditions in a unique, random order for each participant,
for a total of 24 sentences, and 48 pronunciations of
the target (in the carrier phrases and in isolation).
Each speaker completed 12-15 blocks. All stimuli
were presented in Chinese characters, and speakers
took short breaks as needed between blocks.
The data were recorded with an NDI Wave EMA
system at a 100 Hz sampling rate to capture articulatory movement. Five NDI Wave 5DoF sensors were
attached to the sagittal midline of the tongue and lips,
along with one each to the jaw (under the lower incisor), the nasion, and the left and right mastoids.
The anterior tongue sensor (tongue tip; TT) was attached 1 cm from the tongue tip, the posterior sensor
(tongue dorsum; TD) was attached 5 cm behind the
TT sensor, and the middle sensor (tongue body) was
attached at the midpoint between the TT and TD sensors. Acoustic data were recorded at 22 KHz.

3.1. Materials

The target syllable for all conditions was /mu/; this
syllable was chosen because it has a bilabial closure gesture for the consonant, and a maximal tongue
dorsum retraction for the vowel. In the Full- and
Reduced-tone conditions, the target was the middle
syllable of a three-syllable compound; in the Absenttone condition, the target was the middle syllable of
a homophonous three-syllable sequence. The target
syllable was always preceded by the high front vowel
/i/ and followed by the voiceless stop /t/ to provide
a clear acoustic cue to the end of the syllable. The
target syllables were either Tone 3 (low) or Tone 4
(high-falling), and the preceding and following tones
always formed discontinuous tonal contours. That
is, Tone 3 (low) was never preceded by Tone 4 (highfalling) or another Tone 3, and were only followed by
Tone 1 (high), or Tone 4 (falling).
Contexts were created to facilitate the novel compounds in the Full- and Reduced-tone conditions,
with corresponding contexts in the Absent-tone con-
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to reclassify tokens as Full, Reduced, or Absent tone.

3.4. Post-processing & Analysis

The bite plane was recorded for each subject with
three 5DOF sensors on a rigid object held between
the subject’s teeth. Head movements were corrected
computationally using these sensors and the three
non-oral sensors as references; this correction rotated the data to align the origin of the spatial coordinates with the occlusal plane at the front teeth.
In Aim I, for the consonant gesture, a lip aperture
(LA) measure was computed as the Euclidean distance between the upper and lower lip sensors; for
the vowel, the position of the tongue dorsum (TD)
sensor was used directly. The gestural onsets of the
consonant and the vowel were determined using a
20% threshold of peak velocity in the relevant trajectories (LA for the labial consonant and TD for
the vowel). Each token’s C-V lag was calculated by
subtracting the timestamp of the achievement of target of the consonant gesture (the start of the gestural
plateau) from the achievement of target of the vowel.
We measured lag based on these landmarks instead
of the gesture onset landmark directly because of recent work showing that the timing of the gesture onset in Mandarin is influenced by the spatial position
of the articulators and also because we observed a
high degree of temporal variability in gestural onsets in these data [13]. To account for variation in
speech rate, each lag measure was normalized by dividing it by the duration of the entire syllable (the
time from the consonant’s onset of movement to the
offset of movement of the vowel). Outliers to the
model fit were removed following [2] (cf. a priori
trimming). C-V lags were z-scored per subject and
compared across conditions and subjects; statistical
significance is reported on the basis of nested comparison of linear mixed-effects models with random
intercepts for subjects, items, and tonal contour, and
a by-subject random slope for condition.
In Aim II, pitch tracking was conducted in MATLAB using the YAAPT algorithm [17]. The tonal
peaks in the f0 contours of the syllables preceding
and following the target were identified; these intermediate trajectories were compared to determine the
presence or absence of a tonal gesture in the target.
Following [15], we represented continuous f0 trajectories between the flanking tonal targets (the f0 peaks
of the syllables preceding and following the target
syllable) with four DCT components, which account
for, on average, 96% of the variance in the data.
A Bayesian classifier was trained on the DCT representations of the Full-tone condition (non-linear
trajectories due to the discontinuous tonal contour
design of the stimuli) vs. a linear interpolation trajectory, following [15]; the results of this were used

4. RESULTS
To address Aim I, normalized C-V lags were compared across speakers and are shown in Figure (1).
A significant main effect of condition (p=.032) was
observed; pairwise t-tests corrected with Holm’s
method show that the mean lag for the Full-tone condition was significantly greater than the lag in the
Absent-tone condition (p<.001) but not so than the
lag in the Reduced-tone condition (p=.22).
Figure 1: Aim I: C-V timing alternations.
Whiskers indicate standard error of the mean.

This difference in C-V lag between the Full- and
Absent-tone conditions provides evidence that the
presence/absence of tone conditions intra-syllabic
timing relations, consistent with the AP analysis of
tone as gesture. However, notable individual differences were observed in these comparisons, so individual models were created to analyze the C-V lags
within subjects, which are presented in Figure (2).
Figure 2: Aim I: C-V lags by speaker. Stars indicate significant differences vs. Full-tone tokens.

The predicted pattern–a greater C-V lag for Fulltone targets relative to Absent-tone targets–was observed for all speakers (p’s<.04). However, the CV lags for the Reduced-tone targets patterned differently across speakers: M00 and M01’s Reducedtone tokens were not significantly different than their
Full-tone tokens (p’s>.6), while M02 and M03’s
Reduced-tone were significantly shorter (p’s<.04),
suggesting that these two speakers did indeed show
contextual reduction in tone, as indexed by C-V lags.
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In Aim II, the target syllables’ f0 trajectories were
analyzed using a Bayesian classifier, which calculated posterior probabilities (PP) that an f0 trajectory
was a linear interpolation between flanking tonal targets: specifically, PPs of 0 represented f0 trajectories like the full tone condition, whereas PPs of 1
represented f0 trajectories that interpolated between
flanking tones.
Firstly, Absent condition tokens were largely classified as having no tone, as their f0 trajectories were
statistically indistinguishable from linear interpolation. Tokens in the Full condition were largely classified as having tone. Figure (3) shows the PPs for
the Reduced-tone tokens for all speakers; this pattern
indicates that so-called “Reduced-tone” tokens were
largely pronounced with tones; that is, there are few
tokens that are intermediate between full tone and
linear interpolation.

5. DISCUSSION
Overall, the results presented here are positive evidence for a gestural representation of tone; specifically, our findings suggest that tonal “gestures” interact with consonant and vowel gestures such that
syllables with and without lexical tone have different C-V timings. This result would be unexpected in
an autosegmental analysis of tone.
We also investigated whether the two types of
toneless syllables in Mandarin Chinese were of one
category or not. By comparing lexically-absent tone
(in grammatical particles) with contextually-reduced
tone (in certain compounding paradigms), we found
that the lexically toneless tokens were toneless, as
expected, but that for half the speaker sample, the
contextually toneless tokens showed f0 trajectories
indistinguishable from full-tone tokens. This finding contrasts the report in [4], suggesting variability
in the degree to which this tonal-reduction paradigm
is present across the broader speech community.
Taken together, the C-V lag and f0 measures suggest that some degree of tonal reduction is indeed
taking place, independent of speech rate (due to normalization by syllable duration). However, the measures were not entirely consistent, as some speakers
showed reduction in one measure without a corresponding reduction in the other. This could indicate
that the relation between tone presence/absence and
C-V lag is mediated by a third factor which affects
each measure on different timescales.
One major theme emerging from this research is
the importance of identifying variability in the data.
While the C-V lag results show a consistent result
between the Absent-tone and Full-tone conditions
across speakers, the Reduced-tone tokens showed
two different patterns within the sample. Furthermore, the C-V lags in the Reduced-tone condition
pattern differently across speakers, despite a relatively uniform production of tone in that condition.
Future work will address possible factors influencing individual differences. A possible tool for
this is the Autism Quotient questionnaire, a measure
of context-sensitivity already used by researchers in
phonetics [16] as well as in developmental pragmatics [18] and neurolinguistics [19]. Additional subjects tested in this paradigm would elucidate the role
of such a domain-general cognitive dimension in this
context-modulation task.
Overall, identifying alternations in tone presence
and absence is key to evaluating a gestural account of
lexical tone. We carried out this study in Mandarin
building on [6], but it is important to consider more
cases of true tone alternations in more languages to
evaluate a gestural representation of lexical tone.

Figure 3: Aim II: posterior probability of no tone.

Altogether, these results show a situation approximating complete categoricality. However, individual speakers pattern differently; PPs for the Reduced
condition tokens are shown in Figure (4).
Figure 4: Aim II: posterior probability of no tone.

Again, the results show individual variation: M01
showed no reduction in C-V lags or f0, while M00
showed some reduction across tokens in f0 (but not
in C-V lags) and M02/M03 show some reduction in
both measures. These speakers therefore exhibit the
putative tonal alternation, in which the exact same
syllable /mu/ is produced both with and without tone,
as facilitated by the different experimental contexts.
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ABSTRACT
The speech signal contains at least two types of
information: the linguistic information and a talker’s
voice. In this study we examined how congenital
amusia, a pitch-processing disorder, affects the
recognition of talkers’ voices. Twenty Mandarinspeaking amusics and 20 controls were tested on
talker recognition in four types of contexts that
varied in language familiarity: Mandarin real words,
Mandarin pseudowords, Arabic words and reversed
Mandarin speech. We found that the deficit in
amusia affects talker recognition in that amusics
demonstrated degraded performance in both native
language conditions that contain phonological cues
to facilitate talker recognition and non-native
conditions where talker recognition primarily relies
on phonetics cues including pitch. Altogether, the
results suggested that the scope of amusia is beyond
the pitch-related processing in linguistic dimension,
but also extends to the talker dimension in speech
signal.
Keywords: congenital amusia; talker processing;
pitch; language familiarity; Mandarin Chinese
1. INTRODUCTION
Amusia is a lifelong neurogenetic disorder of finegrained pitch processing in music [1], with an
estimated prevalence rate of approximately 1.5-4%
(Peretz & Vuvan, 2017). The primary deficit in
congenital amusia lies in pitch processing [1], [7],
[8] and impaired short-term memory for pitch [9],
[10]. Moreover, a number of studies have revealed
that the deficit in amusia is not domain-specific, but
transfers to the language domain. In support of this
idea, tonal language speakers with amusia are found
to be impoverished in lexical tone perception. For
instance, both Mandarin and Cantonese-speaking
amusics were less accurate at identifying and
discriminating native tones than typical listeners [4],
[11], [12]. Furthermore, some studies have
suggested that the categorical perception of native
lexical tones was also impaired [13]–[15]. The
reduced/absent categorical perception of lexical
tones suggested that high-level phonological
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processing of lexical tones may also be impaired in
tonal speakers with amusia.
In line with the findings that the high-level
phonological processing of lexical tones was
impaired,
several
studies
have
reported
impoverished phonological awareness in amusics
[16], [17]. Moreover, a recent study has revealed
that amusics are impaired in lexical tone
normalization in terms of using the phonological
cues in the speech context for adapting to talker
variation [18]. Amusics showed reduced context
effects in anomalous and meaningful contexts
compared with controls, but their performance was
largely comparable to controls in nonspeech and
reversed speech contexts, indicating that amusics
have deficit in making use of phonological cues in
the preceding context in the process of tone
normalization.
Taken together, converging evidence has shown
the impaired phonological processing of lexical
tones and reduced phonological awareness in
amusia. All these findings are related to speech
perception in the linguistic dimension. However, the
speech signal contains at least two types of
information: the linguistic information and a talker’s
voice. These two types of information inevitably
overlap in the speech signal and interact with each
other during speech perception. For instance, speech
perception has been found to be less accurate and
takes longer response time when the talker
variability increases [19]–[21]. On the other hand,
recognition of a talker’s voice is also influenced by
the linguistic content in the speech signal [22], [23].
Typical listeners are more accurate at recognizing
talkers’ voices in their native language than in an
unfamiliar language. For instance, [22] found that
native English speakers were most accurate at
identifying talkers when speaking English, followed
by the Spanish-accented English, and they were
worst at recognizing voices speaking Spanish,
suggesting the facilitating effect of familiar language
in talkers’ voice identification.
Another line of research showed that talker
identification was also influenced by the listeners’
ability in phonological processing [24], [25]. [24]
examined the ability of listeners with dyslexia, who
are known as having a core phonological deficit, in

recognizing different voices in Mandarin and
English. The results showed that English listeners
with dyslexia performed equally poorly as the
control participants in identifying the Mandarin
talkers. However, they were impaired in recognizing
different talkers’ voices in English compared to
controls. These studies suggested that impairment in
phonological processing also impeded accurate
talker identification.
Talker voice differences are indexed by pitch
differences, among other acoustic cues. The
literature above has consistently demonstrated the
effect of language familiarity and phonological
ability on talker recognition. Nonetheless, previous
studies on amusia have mostly focused on emotion
prosody and linguistic pitch processing, and as such
there is a gap as to whether and how the deficit in
amusia influences talker processing. As reviewed
above, amusics have shown deficits in both general
pitch/auditory
processing
and
higher-level
phonological processing in the linguistic dimension.
It is still not clear how the deficit in amusia
influences the perception of talker’s voice in
different language contents differing in the amount
of linguistic cues. The current study examined the
performance of Mandarin-speaking amusics on
talker recognition in four types of contexts with the
available linguistic cues gradually decreased:
Mandarin real words, Mandarin pseudo-words,
Arabic words and reversed Mandarin speech.
Examining the four types of contexts allows us to
assess the possible group and linguistic context
effects in talker recognition in a comprehensive
manner.
2. METHOD
2.1. Participants

Twenty Mandarin-speaking amusics and 20
musically intact controls participated in this
experiment. Amusic and control participants were
matched one by one in age, gender, and years of
education. All participants were native speakers of
Mandarin and university students at the time of the
experiment. They were all right-handed, with no
reported hearing impairment, history of neurological
illness or formal musical training (instrument or
vocal). None reported any knowledge of Arabic
prior to their participation in the current study. None
of the listeners had ever lived in Arabic-speaking
countries or had any Arabic-speaking friends or
family members. Amusics and controls were
identified using the Montreal Battery of Evaluation
of Amusia (MBEA) [26], which is commonly used
to diagnose amusics. All amusic participants scored
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below 71% (Nan et al., 2010) in the global score,
which is the mean of all six subtests, whereas all
control participants scored higher than 80%. The
Demographic characteristics of the participants are
summarized in Table 1. The experimental
procedures were approved by the Human Subjects
Ethics committee of Shenzhen Institutes of
Advanced Technology, Chinese Academy of
Science. Informed written consent was obtained
from participants in compliance with the experiment
protocols.
Table 1: Demographic characteristics of the
amusic and control participants.
Amusics
20 (10 M, 10 F)
23.81 ± 3.1 years
(19.1-32.0 years)

Controls
20 (10 M, 10F)
23.4 ± 3.2 years
(19.0-31.2 years)

MBEA (SD)
Scale
Contour
Interval

61.1 (12.7)
64.3 (11.0)
61.2 (7.7)

92.2 (6.2)
95.2 (4.5)
93.2 (5.0)

Rhythm
Meter
Memory
Global

69.7 (15.3)
56.7 (9.7)
76.7 (12.7)
65 (5.5)

95.6 (5.7)
81.8 (12.2)
96.8 (3.1)
92.5 (3.9)

No. of participants
Age (range)

2.2. Stimuli

The stimuli included four types of conditions Mandarin real words, Mandarin pseudo-words,
Arabic real words and reversed Mandarin speech
generated from Mandarin real words, all were
disyllabic utterances. Each type of stimuli consisted
of 20 words. Six female bilingual MandarinL1/Arabic-L2 speakers were recorded producing the
words in Mandarin (real and pseudo) and Arabic
(real). The recordings were made at a sampling rate
of 22,050 Hz with 16 bits per sample. Each stimulus
type included three repetitions of each word.
For each talker and each stimulus type, one
clearly produced token was selected and segmented
from the recordings using Praat [27]. The average
acoustic intensity of each word was manipulated to
75 dB. Lastly, the reversed speech condition was
created from the Mandarin real words by timereversing the words using Praat [27].
2.3. Procedure

E-prime 2.0 was used to present the stimuli and
collect the responses. There were two phases in this
experiment: learning phase and a following test
phase. Among the 20 words in each condition, ten
were used in the learning phase. In the learning
phase, all the participants completed a talker
recognition training task in which they learned to
identify the voices of six female talkers, each of

whom was presented as a cartoon-like character on a
computer screen. The task was a forced-choice
identification task with feedback. In each trial,
participants were presented with a word, and six
talkers’ names with the cartoon images were
presented on the computer screen simultaneously.
The subjects were then instructed to indicate which
of the six talkers produced the word by pressing the
number keys 1-6 corresponding to the talkers one to
six. After each response, a feedback screen was
presented. The feedback information included: (1)
accuracy: if the response made by the participant
was correct (in blue text) or incorrect (in red text),
(2) the correct response: the talker who produced the
word was shown on the screen with the
corresponding cartoon image and name. If the
response was correct, the participant proceeded to
the next trial, but if the response was incorrect, the
incorrect trial was repeated until a correct response
was selected. The ten stimuli were repeated 12
times, which gave rise to 120 basic trials in each
stimulus condition. The stimuli of each condition
were presented in a separate block. The presentation
order of the four conditions was counterbalanced
across the participants, and kept identical between
matched amusic and control participants. Before
each task, a practice block was given to the
participants to familiarize them with the procedure.
Immediately after the learning session, there was
a test session. Stimuli used in the test session
included the ten words in each condition that was
trained in the learning session and another ten words
that were not trained. The task was the same forcedchoice identification task as used in the learning
session, but no feedback was given and the
participants were required to make the response
within 5 seconds. The presentation order of the four
conditions was counterbalanced across the
participants, and kept identical between matched
amusics and controls.
3. RESULTS
The accuracy in the identification task was
calculated and analysed as follows. Response to
each trial was coded as 1 or 0 (correct or incorrect)
for each participant. To compare the accuracy of
amusics and controls, generalized mixed-effects
models were fitted on the responses to each trial (1
or 0) with group (amusics and controls), condition
(Mandarin real words, Mandarin pseudo-words,
Arabic words and reversed Mandarin words) and
word type (trained and untrained words) as three
fixed effects, and with by-subject random intercept
and slope as random effects; two-way and three-way
interactions were also included as fixed effects in the
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models. Models were compared by likelihood ratio
tests and p-values were obtained from those tests.
The above analyses were performed with R (R Core
Team, 2014), using the lme4 package [29], the lmtest
package [30] and the lsmeans package [31]. Figure 1
shows the accuracy.
Figure 1: Talker recognition accuracy in the two
groups.

Figure 2: RT in the talker recognition task.

There
were
significant
main
effects
2
of group (χ (1) = 14.901, p < 0.001), condition (χ2(3)
= 353.99, p < 0.001), and word type (χ2(1) =
14.846, p < 0.001). Identification accuracy in the
amusic group was significantly lower than the
control group. Accuracy on the trained words was
significantly higher than the untrained words. For
the effect of condition, post hoc analysis showed that
the identification accuracy in the Mandarin real
word context was significantly higher than the other
three types (ps < 0.001). Mandarin pseudoword
context also elicited better talker identification
accuracy than the other two conditions, Arabic word
(z = -4.840, p < 0.001) and reversed speech (z = 12.564, p < 0.001). Finally, the Arabic word context
elicited significantly higher accuracy than the

reversed condition (z = -7.777, p < 0.001). No other
effects were significant.
For the RT analysis, we included both the
correct and incorrect trials. It is hypothesized that
RT may also reflect the cognitive efforts involved in
talker identification, and can be interpreted along
with the accuracy data. Linear mixed-effects models
were also fitted on the log-transformed RT data with
group, condition and word type as three fixed
effects, and with by-subject random intercept and
slope as random effects; two-way and three-way
interactions were also included as fixed effects in the
models. Models were compared by likelihood ratio
tests. Figure 2 shows the RT.
There
were
significant
main
effects
of condition (χ2(3) = 123.4, p < 0.001) and word type
(χ2(1) = 5.847, p = 0.015). RT in the reversed
condition was the shortest, significantly shorter than
the other three types of contexts (ps < 0.001). The
Mandarin pseudoword condition elicited longer RT
than Mandarin real word condition (p = 0.001). No
other effects were significant.
4. DISCUSSION
The current study examined the amusics’ ability to
recognize a talker’s voice in four conditions
differing in the amount of available phonological
cues. Firstly, the results confirmed the language
effect in talker identification in that control listeners
demonstrated
better
talker
identification
performance in the conditions with richer
phonological cues, such that the highest talker
identification accuracy was observed in the
Mandarin real word condition, followed by the
Mandarin pseudoword condition, the Arabic word
condition, and finally the reversed Mandarin word
condition. As mentioned earlier, both Mandarin real
word and pseudoword conditions were native speech
contexts with phonological cues (i.e., containing
native phonemes and tones), but in the pseudoword
condition, the combinations of the syllables and
tones were illegal, which reduced the semantic
content of the words. On the other hand, the Arabic
word condition contains no native phonemes to
Mandarin speakers. The reversed speech context
sounded like foreign language, where the legal
phonological cues were removed. The results
obtained in the current study are largely consistent
with previous findings that talker identification is
facilitated by the native language context [22], and
this effect disappears when the linguistic content of
the speech is eliminated or destroyed [23].
Compared to controls, amusics demonstrated
degraded talker recognition performance in terms of
the accuracy, and there was no group and condition
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interaction. These results suggest that Mandarinspeaking amusics were impaired in talker
recognition in both levels: talker recognition via
utilizing phonological cues in native speech contexts
(Mandarin real word and pseudoword) and talker
recognition via analysing phonetic cues in the nonnative speech contexts (Arabic word and reversed
Mandarin speech). Therefore, corroborating with
previous findings [18], in which amusics exhibited
impairment in lexical tone normalization in utilizing
phonological cues in the meaningful and anomalous
contexts, results of the current study suggested that
when processing another dimension of speech
signal, i.e., talker’ voice, amusics were also deficient
in using the phonological representations in the
language to recognize the talker’ identity.
It should be noted that amusics, despite
displaying overall degraded performance in talker
processing, still exhibited better performance in the
native speech contexts (Mandarin real word and
pseudoword) than in the non-native speech contexts
(Arabic word and reversed Mandarin speech), a
pattern largely similar to the performance of
controls. This result indicates that amusics were able
to make use of phonological cues to some extent,
displaying certain facilitation of phonological cues
in talker recognition. Taken together, the findings of
the current study suggested that disorders in amusia
does not only affect the linguistic pitch processing,
but also influences the talker’s voice recognition,
another important aspect of speech signal.
5. CONCLUSION
The findings of the current study demonstrated that
amusia affects talker identification. The degraded
performance in amusia was found in both native
language conditions and non-native conditions.
Despite being impaired in talker recognition
compared to controls, amusics displayed similar
patterns concerning the language familiarity effect
as controls, suggesting that they seemed to preserve
some abilities in utilizing the phonological cues in
the native language conditions. The results in the
present study have further expanded our
understanding of the scope of amusia in that the
deficit in amusia also negatively influences talker’
voice recognition.
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ABSTRACT
The current study explores the extent to which
humans vocally align to digital device voices (i.e.,
Apple’s Siri) and human voices. First, participants
shadowed word productions by 4 model talkers: a
female and a male digital device voice, and a female
and a male real human voice. Second, an independent
group of raters completed an AXB task assessing
perceptual similarity between imitators’ pre- and
post-exposure items to model talkers’ productions.
Results show that people do imitate device voices, but
to a lesser degree than they imitate real human voices.
Furthermore, similar social factors mediated vocal
imitation toward both device and human voices:
people imitated male device and human voices to a
greater extent than female device and human voices.
Keywords: phonetic imitation, speech production,
human-device interaction
1. INTRODUCTION
Speakers adjust the acoustic-phonetic properties of
their productions, often aligning to many of the vocal
characteristics of their interlocutor [1, 7, 10, 15]. The
extent to which phonetic imitation patterns are driven
by automatic updating of experiences to speech
representations or socially-mediated mechanisms,
however, is a source of theoretical debate. One way
to test these differing stances is to investigate
imitation toward a new type of interlocutor in our
speech communities: digital devices.
Talking to hyper-naturalistic voice-activated and
artificially intelligent digital devices, such as Apple’s
Siri or Amazon’s Alexa, is becoming a ubiquitous
daily behavior for many individuals [11, 14, 18].
However, the impact of human-device interactions on
humans’ linguistic patterns is a vastly understudied
area. Prior work has shown that individuals align with
the linguistic properties of computer voices, such as
speech rate [3] and syntactic structure [4]. Humandevice alignment is one phenomenon that can be
revealing to the underlying mechanisms of phonetic
imitation. Studying human imitation of device speech
patterns could also be relevant for theories of sound
change. Imitation has been hypothesized to play a role
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in the spread of sound change, e.g., [6, 19]. If humans
imitate the acoustic properties of devices, then
characterizing the nature of these imitations could be
relevant for understanding the role devices may have
in affecting human speech patterns.
1.1. Representationally-mediated alignment
People pay attention to and encode many acoustic
properties of the voices they hear, even in situations
where these acoustic properties are seemingly
irrelevant to the task they are engaged in, as when
hearing isolated words through headphones in a
research lab [9, 16]. Hence, one proposal is that
alignment may be driven by the nature of mental
representations for words. For example, exemplarbased phonological theories [10, 12, 17] predict that
vocal imitation is a natural consequence of the
episodic nature of speech representations. Goldinger
[10] demonstrated that degree of imitation toward
various talkers’ voices varied with the usage
frequency of the words being shadowed: Lowfrequency words were imitated more strongly than
high-frequency words. This result is expected if,
following an exemplar account, speech production
patterns are influenced by the constellation of past
memory traces associated with a given word. Because
people have relatively fewer encounters with lowfrequency words, their exposure to such words in the
study would have disproportionate influence on their
subsequent pronunciation of those words, compared
to exposure to high-frequency words. Along these
lines, a strong lexical-representation perspective
might propose that only degree of exposure to a given
word by a given talker, not the type of interlocutor
producing that word, would influence degree of
imitation [10]. Hence, for the present study, this type
of representational account might predict that
speakers will imitate words (here, we select only lowfrequency items to increase the likelihood of
imitation) spoken by digital device voices to the same
degree as they would for those words spoken by
human voices if the degree of exposure to those words
by the speakers is equal.

1.2. Socially-mediated alignment
A second type of account of the mechanisms involved
in vocal alignment comes from Communication
Accommodation Theory (CAT) [8]. CAT proposes
that vocal alignment is a socially mediated process by
which speakers’ goal is to emphasize or minimize
social differences between themselves and their
interlocutors via speech and language patterns. This
view predicts that vocal imitation would be mediated
by social properties of the speaker and their
interlocutor. Supporting this is evidence that social
attributes of interlocutors mediate degree of vocal
imitation. For instance, in a direction-giving maptask, male speakers showed greater convergence
toward their interlocutor [15]. These gender effects
are also mediated by role: female speakers converged
toward the interlocutor who was receiving
instructions, while male speakers converged toward
the instruction-giver [15]. Additionally, it has also
been shown that rated attractiveness of the model
talker plays a role in degree of alignment [1]. Thus,
while phonetic imitation appears to be a robust
phenomenon, it is not simply fully automatic, or
mediated via experiential factors alone, as evidenced
by these various social factors that have been shown
to influence patterns of imitation.
The present study investigates this social account
by examining whether “humanity” of the interlocutor
mediates imitation: will shadowers imitate a digital
device voice to a different extent than they imitate a
real human voice? We might predict, based on CAT,
that people imitate human voices more than device
voices, if the goal of imitation is to minimize social
distance between themselves and other humans, but
not necessarily artificially intelligent entities.
1.2.1 Are digital devices social actors?

based computer avatars in the past; modern voice-AI
systems often have names, apparent genders, and
personas. Critically, these devices also differ from
earlier voice technology because the way we interact
with them is primarily through speech, a uniquely
human mode of communication.
On the one hand, we might predict that speakers
will show similar patterns of gender-mediated
imitation for both humans and devices. This would
support a stance that people indeed apply human
social rules to devices, a prediction in line with
computer personification frameworks [13]. On the
other hand, we might predict that speakers have
distinct ways interacting with digital devices, relative
to how they interact with humans, and this will be
reflected in their phonetic convergence patterns.
Therefore, we might see gender-mediated imitation
patterns only toward human voices, and not toward
device voices.
1.3. Current Study
To examine the mechanisms underlying speech
imitation and to test our specific hypotheses about the
nature of vocal alignment toward devices, relative to
humans, we conducted a lexical shadowing study
(2.1). Participants shadowed single word productions
from female and male real human voices, as well as
female and male digital device voices, while viewing
a corresponding image of either a human face or a
device. Degree of imitation in these productions was
then assessed using an AXB similarity task from an
independent group of raters (2.2).
2. METHODS
2.1. Shadowing paradigm
2.1.1. Stimuli

Above and beyond the simple empirical question of
whether people phonetically imitate the vocal
properties of device and human voices in a similar
manner, there is the question of whether, if deviceimitation is seen, humans apply the same sociallymediated imitation patterns to the apparent-social
attributes of the device voices. Specifically, we ask
whether people imitate female and male device voices
following the same patterns of gender-mediated
imitation of human voices, e.g. [15]. Theoretical
accounts of computer personification predict that
when a person detects any sense of humanity in a
digital system, they will automatically begin to treat
the computer as a person by applying human social
rules and norms (e.g., Computers are Social Actors
framework: [13]). For voice-AI digital devices, these
“cues” of humanity are more robust than for voice-
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Target words consisted of 12 monosyllabic real
English words containing a vowel-nasal (VN)
sequence. The stimulus list, presented in Table 1,
consisted of low usage frequency items (mean log
frequency: 1.6, range: 1.1-2.1, taken from SUBTLEX
[5]) since prior work has observed imitation is most
robust for low-frequency words.
Table 1: Target words used for stimulus items.
bomb
chime

sewn
shone

vine
wane

pun
tame

yawn
wren

shun
hem

Stimulus items consisted of recordings of the target
words from 4 distinct voices. For the human voices,
the target words were recorded by a female and a male
speaker, both native English speakers, using a Shure

WH20 XLR head-mounted microphone in a soundattenuated booth. The digital assistant voices were
created using the command line on an Apple
computer (OSX 10.13.6), and changing the Siri voice
preference (American female, American male). All
sound files were amplitude normalized (60 dB).
2.1.2. Participants and Procedure
10 participants, balanced for gender (5F, 5M), were
recruited from the UC Davis Psychology subject pool
to complete the shadowing task. All participants were
native speakers of American English, 18-39 years old
(mean = 22.4y, sd = 6.3y), and received course credit
for their participation. First, subjects read an
introduction, where they were told they would be
repeating words produced by four interlocutors: Siri
and Alex (digital devices) and Melissa and Carl
(humans). This introductory slide included four
pictures of the model talkers: the images for Siri and
Alex were two separate iPhones displaying an
“active” Siri mode (e.g., “What can I help you with
today?”) while the images for the human voices,
consisted of two stock images of smiling adult
humans of corresponding genders.
In the baseline phase, following the introduction,
each of the 12 target words were shown on a computer
screen one at a time (randomly selected) and
participants produced each word in isolation (two
times). In the shadowing phase, participants heard
one of four interlocutor voices saying the word and
were asked to repeat, while seeing the interlocutor
and target word on the screen (e.g., “Carl says
‘shone’”). The words and interlocutors were
randomly selected on each trial. In total, subjects
repeated the 12 words twice for each speaker (12*2*4
= 96 shadowed tokens per participant). Each word
production was recorded, digitized at a 44kHz
sampling rate, using Shure WH20 XLR headmounted microphone in a sound-attenuated booth.
2.2. AXB Perceptual Similarity Paradigm
We used an AXB paradigm to assess global imitation
of the shadowed productions, following [15].
2.2.1. Stimuli
The second pre- and post-exposure productions from
each shadower were selected for each of the twelve
words. The silence was removed before and after the
word production from the recordings. All pre- and
post-exposure tokens were amplitude-normalized (60
dB). In total, there were 480 tokens (10 shadowers*12
words*4 model talkers).
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2.2.2. Participants and Procedure
30 native English speakers, none of whom
participated in the shadowing task, were recruited
from the UC Davis Psychology subject pool to
complete the AXB similarity ratings task. On a given
trial, subjects heard three productions of a word in a
row. The 1st and 3rd items were either a pre- or postexposure production of the word by one shadower.
The 2nd item was the model talker’s production of that
item. Subjects indicated whether the 1st (“A”) or 3rd
(“B”) recording was most similar to the 2nd (“X”)
item, using a labeled button box. Orders of pre- and
post-exposure tokens occurred equally within each
subject and were randomized by item. Trial order was
additionally randomized. The experiment lasted
roughly 40 minutes.
3. ANALYSIS AND RESULTS
3.1. Perceptual evaluation of vocal alignment
Responses were coded for whether the Post-exposure
item was rated as more similar-sounding to the Model
item with “1”, or a “0” if not. We analyzed responses
using a mixed effects logistic regression with the
lme4 R package [2]. Fixed effects included Model
Humanity (device, human), Model Gender (F, M),
and Imitator Gender (F, M), the three-way interaction
between these variables, all possible two-way
interactions, and by-Rater random intercepts.
The logistic regression revealed a significant
main effect of Model Gender, with less imitation for
female model talkers (β=-0.02, F=24.37, p<0.001).
Model Humanity was also a significant main effect,
with less imitation for devices than humans (β=-0.02,
F=13.43, p<0.001) (see Figure 1).
Figure 1: Mean accuracy and standard errors of
perceptual similarity ratings.

Additionally, we observed a significant interaction
between Model Gender and Imitator Gender, where
female speakers imitated female models more than
male speakers (β=0.01, F=5.41, p=0.02). The threeway interaction between Model Gender, Model
Humanity, and Imitator Gender was also significant
(β=-0.001, F=5.67, p=0.018), where females
imitated other females less for devices. The
perceptual rating of males’ and females’ postexposure productions to Siri are at-chance (50%); that
is, neither group displays imitation of the device
female voice. For male talkers, this was also true for
the human female voice (see Figure 1, where Melissa
is at chance).
4. GENERAL DISCUSSION
In this study, we examined human-device vocal
imitation. We find that people do imitate the vocal
patterns of device voices, however to a lesser extent
than they do for human voices. This observation does
not align with proposals that phonetic imitation is
strictly representationally mediated, where lexical
representations are updated proportional to exposure
to a particular voice. Rather, interlocutor humanity
this a factor that mediates patterns of vocal alignment.
Despite the fact that modern-day digital devices are
more naturalistic than ever, people still engage with
devices in a distinct manner from the way they engage
with other humans, as evidenced by phonetic
imitation.
However, we did observe socially-mediated
alignment patterns towards both types of
interlocutors: speakers imitated male voices more
than female voices for both human and device voices.
This observation raises a theoretically interesting
possibility that people are applying the same social
rules from human-human interactions to their
interactions with device interlocutors based on their
apparent social characteristics. For example, we see
more robust imitation towards male relative to female
voices, which is in line with prior findings [15]. This
supports a CAT [8] perspective that alignment is
mediated by social properties of our interlocutors.
Additionally, we see gender-mediated vocal imitation
for both human and device voices. This is in line with
the Computers are Social Actors (CASA) account
[13]; our findings suggest that speakers are applying
principles from human-human interaction. Still, we
observe less imitation for device voices than for
human voices. This means that people do not treat
these device voices identically to human voices; their
alignment is tempered by their artificiality.
Some scholars have suggested that phonetic
imitation is one mechanism for the spread of sound
change, e.g., [6, 19]. That we see imitation of device
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voices in the present study is a starting point in
considering whether devices might influence
humans’ speech patterns more broadly. Future work
studying imitation of device speech over time could
serve as a new testing ground for investigating
language change via imitation, ultimately to inform
theories of sound change.
Nevertheless, the current study is constrained by
certain limitations. For one, we only report global
perceptual similarity measures. To further explore the
nature of phonetic imitation of digital devices, future
work can explore the contributions of individual
acoustic properties. For example, we might predict
that speakers align more with the prosodic features of
device voices, relative to acoustic-phonetic
characteristics (e.g., formant frequencies). Another
limitation is in our study design: there was a confound
in the apparent “humanity” of the voices and the
recordings being either naturally produced by a real
talker or text-to-speech (TTS) synthesized. Thus,
from our observed differences in imitation as a
function of humanity, it is difficult to tease apart
whether people are responding to the apparent
humanity or to the different digital properties of the
voices. While the design of our current study reflects
the confound that actually exists when we interact
with real humans vs. digital devices in our everyday
lives, future work can explore which aspect of the
digital voices constrains imitation.
Ultimately, examining how people interact with
digital devices can shed light on the mechanisms
underlying speech production and inform models of
linguistic communication. This work also has
applications for improving speech and voice
technology.
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ABSTRACT
2. LITERATURE REVIEW
One of the biggest unresolved questions in bilingual
speech production is how L2 phonological
categories are constructed given the well-established
L1 categories and how phonological categories are
realized phonetically. The current study aimed to
investigate how bilinguals’ two languages interact
when the same phoneme in two languages was
realized differently in phonetics. We examined the
acoustic and articulatory features of English and
Mandarin /ɹ/ produced by highly proficient
Mandarin-English bilinguals. Ten Mandarin-English
bilingual speakers and ten American English
monolingual speakers were recorded with ultrasound
imaging technique. Results showed that highly
proficient Mandarin-English bilinguals produced
English /ɹ/ without L1 influences. They used
language-specific phonetic details for English and
Mandarin /ɹ/. It implies that language-specific
phonetic realizations can be learned for the same
phonological category by highly proficient bilingual
speakers.
Keywords: Speech production; rhotics; English;
Mandarin; high proficiency late bilinguals.
1. INTRODUCTION
Bilingual speakers are speakers who regularly use
two languages, regardless of their proficiency, age of
acquisition, or sequence of language learning [1].
Bilinguals’ two languages interact at all facets of
languages, including syntactic structure, semantic
encoding, phonological category formation, and
phonetic realization of individual sounds [2][3][4].
A big challenge in bilingual speech production is to
uncover the mechanisms of phonological encoding
of L2 sounds and to reveal the source of accented L2
speech. Models on bilingual speech production has
attributed accented L2 production to inaccurate
perception and wrong phonological categorization
[5][6]. The current study aims to investigate the
interaction of bilinguals’ two phonological systems
(Mandarin and English) and their phonetic
realization in terms of acoustics and articulation of
their rhotic sounds.
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Previous models on bilingual speech production
have proposed testable hypotheses about inaccurate
L2 speech production. The Speech Learning Model
(SLM) [5] attributes accented production to
mismatches in the L2 phonological category
formation. Late L2 speakers merge sounds similar in
their two languages into the same phonological
category, and thus produce them identically. The
Perceptual Assimilation Model (PAM) has been
extended to address problems in L2 phonological
encoding and phonetic realization, which is called
PAM-L2 [6]. PAM-L2 proposes three types of
category formation: one L2 sound to one L1
category, two L2 sounds to one L1 category, and no
L1-L2 category assimilation. Though PAM-L2 does
not directly address cross-linguistic interaction in
speech production, we can extend the hypotheses to
the production domain since PAM assumes shared
primitives in speech perception and production.
This study examines the acoustic and articulatory
features of English rhotics produced by MandarinEnglish bilinguals. Rhotics are prominent in
perception and complex in production, and
contribute notably to foreign accents. Studies have
shown that English /ɹ/ is a difficult sound to acquire
for English-speaking children and L2 speakers
[7][8][9]. The reason that English /ɹ/ is hard to
acquire is two-fold. First, the production of /ɹ/
requires more than one constriction in the vocal
tract. It involves constrictions at lips, tongue blade,
and pharyngeal cavity [10]. Second, various lingual
gestures can be adopted, from tongue tip-up to tipdown, to produce similar sounds that can be
identified as /ɹ/ [11][12]. In Mandarin Chinese, there
is a rhotic sound that is perceptually similar to
English /ɹ/, and has similar phonological
distribution. Mandarin /ɹ/ is represented as “r” in the
official romanization system pinyin and taught in
school. Mandarin-English bilinguals, therefore,
categorize Mandarin and English /ɹ/ sounds as the
same phoneme. This provides a unique opportunity
for us to test if bilingual speakers would produce
identical sounds for the same phoneme in two
languages or language-specific phonetic realization
for each language.

By comparing the articulatory and acoustic
features of English and Mandarin rhotics, the current
study helps to shed light on the mechanisms of
bilingual speech production and the interaction of
bilinguals’ two languages at the phonological and
phonetic levels. To compare English and Mandarin
rhotics, we also systematically described the
acoustic and articulatory features of Mandarin
rhotics, setting a baseline for cross-linguistic
comparisons.
3. METHOD
English /ɹ/ and Mandarin /ɹ/ produced by MandarinEnglish speakers were compared with English /ɹ/
produced by American English native speakers. Ten
American English speakers and ten MandarinEnglish bilingual speakers were recorded. The
bilingual speakers grew up in Northern China
(Beijing, Hebei and Shandong) and learnt English at
around eight years old at school. At the time of
recording, they have lived in Connecticut, USA for
around 2.23 years. They have an average TOFEL
speaking score of 23.6 out of 30. Their Mandarin
speech were presented to two Mandarin monolingual
speakers who were born and raised in Beijing, and
were judged as not accented and not different from
monolingual speakers. The English native speakers
all lived in the east coast of the United States, and
spoke a rhotic accent of English.
3.1 Stimuli

English stimuli included words containing
prevocalic, postvocalic and intervocalic English /ɹ/
coarticulated with /ɑ æ ɛ ɪ ɔ u ʌ/ vowels, and syllabic
/ɹ/. The /ɹ/ sound was embedded in different syllable
positions – 47 prevocalic /ɹ/ in [#_V(C)], [C_V(C)]
and [CC_V(C)] words, 15 postvocalic/ɹ/ in [V_#]
and [V_C] words, 10 syllabic /ɹ/ in [C_C], [C_#] and
[#_C] words, and 3 intervocalic words. The target
words were produced with the carrier sentence
“what a ___ again” when the word started with a
consonant, and “Speak of ___ again” when the word
started with a vowel. The carrier sentences were
designed to have minimal lingual influence on the
target words. The tongue was in a neutral position
when producing a schwa (in a) and the production of
a labiodental fricative (in of) involves no lingual
movements. Mandarin stimuli included words
containing prevocalic /ɹ/ coarticulated with /ɿ a ɤ u/
vowels, postvocalic /ɹ/ with /i ɿ ʅ y u a ɤ/ vowels,
and syllabic /ɚ/ 1 (see Table 1 for examples). The
Mandarin words were produced with the carrier
phrase / tʂɤ kɤ ___ ba/ “This is ___.” (/ba/ is a
sentence final particle in Mandarin). In order to
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control the length of the experiment, the English
stimuli for Mandarin-speaking participants were a
subset of that for the English participants, including
28 prevocalic, postvocalic, intervocalic and syllabic
/ɹ/. Both English and Mandarin stimuli were
repeated for ten times in a random order.
Table 1: Sample words from the Mandarin stimuli
used in the experiment.

Syllable Positions
Prevocalic
Postvocalic
Syllabic

Words Gloss Mandarin
/ɹɤ/
“hot”
热
/tʂɤɹ/ “here”
这儿
/ɚ/
“son”
儿

3.2 Procedure

The articulatory data were collected with a Siemens
ACUSON X300 ultrasound system at a frame rate of
36Hz. The participants were seated on a chair with
their jaw rested on the ultrasound probe. The stimuli
were presented on a laptop screen in front of the
participants. The participants were instructed to read
out the words on the screen. During recording, the
participants’ heads were unconstrained. The tongue
surface contours were corrected to head-based
coordinates using fifteen blue dots on participants’
head and on the ultrasound probe. Participants’ lips
were painted blue to enhance contrast for tracking
their movement. At the beginning of each session,
the participants were asked to swallow some water.
This was to capture the palate position of each
speaker. The participants were also asked to say the
peripheral vowels /a/, /i/ and /u/ in order to pinpoint
the vowel space.
3.3 Statistical analysis

The recordings were segmented using the FAVEalign forced aligner and manually checked [13]. The
formants were measured using LPC from PRAAT
and logarithmically transformed [14]. The formant
values were normalized by calculating z scores for
each speaker. Since the phoneme /ɹ/ is an
approximant that is heavily coarticulated with
flanking vowels, we analyzed formant trajectories of
/ɹ/ together with its adjacent vowels rather than a
single time point to get a better picture about the
acoustic characteristics of /ɹ/.
The tongue splines were drawn with an
interactive MATLAB procedure ‘GetContours’ [15].
The splines were drawn on the lower boundary of
the lighter line which represents the tongue-air
interface in the ultrasound images. One hundred
equally spaced data points on each spline were
exported for analysis.

Smoothing spline ANOVA (SS-ANOVA) [16]
and Growth curve analysis (GCA) [17] were used to
compare tongue curves tracked from ultrasound data
and formant trajectories using the “gss” and “lme4”
packages in R [18]. In the GCA analysis, the
formant trajectories were modeled with second-order
orthogonal polynomials and fixed effects of
Language
(English/
Mandarin)
or
Group
(bilingual/monolingual English) on all time terms.
The models also included random effects of
participants on all terms. SSANOVA and GCA
yielded consistent results on all comparisons. Only
GCA results were below reported due to page limit.

For Mandarin prevocalic /ɹ/, a clear frication was
consistently observed at the beginning of each
syllable, resembling the features of fricatives (Panel
1 in Figure 3). F3 lowing was observed in the
transition from /ɹ/ to the following vowels, as shown
in the second panel in Figure 3. The lingual gestures
of Mandarin prevocalic /ɹ/ did not show retroflexion,
and did not resemble English bunched /ɹ/ either. It
was articulated in the same way as the post-alveolar
affricates (/tʂ/ and /tʂh/), which were called “retroflex
consonants” in Mandarin (Panel 3 of Figure 3).
Figure 3: Formant trajectories and spectrogram of
Mandarin prevocalic /ɹ /.

4. RESULTS
4.1 Acoustic and articulatory characteristics of
Mandarin /ɹ/

Both acoustic and articulatory data showed that
Mandarin prevocalic /ɹ/ was different from
postvocalic and syllabic /ɹ/ in both acoustics and
articulation. Similar to English /ɹ/, Mandarin
postvocalic and syllabic /ɹ/ was characterized by a
low F3 target, but the formant trajectories between
English and Mandarin /ɹ/ were different. GCA on
postvocalic and syllabic /ɹ/ showed that Language
had a significant effect on F3 trajectories on linear
term for postvocalic and syllabic positions (χ2 (1) =
14.764, p = .000; χ2 (1) = 8.973, p = .002). The
modeled differences in F3 between English and
Mandarin /ɹ/ are illustrated in Figure 1. Ultrasound
data showed that Mandarin postvocalic and syllabic
/ɹ/ was produced with either a retroflex or bunched
tongue shape, similar to the tongue shape variations
of English /ɹ/ (Figure 2).
Figure 1: Modeled F3 trajectories of Mandarin
and English rhotics produced by native speakers.

(1) Waveform and
spectrogram of Mandarin
prevocalic /ɹ/ in word /ɹɤ4/
“hot” by speaker W1

(2) Modeled F3 trajectories
of Mandarin and English
prevocalic rhotics and the
following vowels

(3) Modeled tongue contours of Mandarin
prevocalic /ɹ/ compared with Mandarin postalveolar fricative /tʂ/ and /tʂh/ produced by
speaker W1

In summary, the phonetic realization of Mandarin
/ɹ/ was conditioned by syllable positions. Mandarin
postvocalic and syllabic /ɹ/ was characterized by a
low F3, while prevocalic /ɹ/ was realized with an
initial frication followed by a lowering of F3 when
transitioning to the following vowels.
4.2 Production of English /ɹ/ by monolingual and
bilingual speakers

(1) Postvocalic position

(2) Syllabic position

Figure 2: Tongue shapes of Mandarin postvocalic
and syllabic /ɹ/ by Mandarin native speakers.

(1) A bunched tongue shape
of Mandarin postvocalic /ɹ/
by speaker W1

(2) A retroflex tongue shape
of Mandarin postvocalic /ɹ/ by
speaker W1
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GCA comparing bilingual and monolingual
speakers’ production of English syllabic /ɹ/ showed
that Group (bilingual/monolingual English) did not
have an effect on the model fit on any time terms
(Figure 4). For prevocalic and postvocalic
conditions, the effect of Group only had a significant
effect on the intercept (χ2(1) = 15.956 , p = .000 ; χ2
(1) = 4.052, p = .044). It indicated that bilinguals’
production of English /ɹ/ was not significantly
different from native speakers’ production in F3 in
all syllable positions. The pattern was consistent in
consonant and vowel initial words.

Figure 4: Modeled F3 trajectories of English /ɹ/ in
prevocalic, postvocalic and syllabic positions
produced by monolingual and bilingual speakers.

(3) Modeled F3 trajectories of English
and Mandarin syllabic /ɹ/

5. DISCUSSION

(1) Modeled F3 trajectories of English
prevocalic /ɹ/ and the following vowels

(2) Modeled F3 trajectories of English
postvocalic /ɹ/ and the preceding vowels

(3) Modeled F3 trajectories of
English syllabic /ɹ/
4.3 Production L1 and L2 /ɹ/ by bilingual speakers

GCA on bilingual acoustic data showed that
Language (English/Mandarin) had a significant
effect on the model fit on quadratic terms for
prevocalic and postvocalic positions (χ2(1) = 4.052, p
= .044; χ2(1) = 250.142, p = .000) and had a
significant effect on linear terms for syllabic
positions (χ2(1) = 203.882, p =.000) (Figure 5). It
indicated that Mandarin-English bilinguals produced
Mandarin and English /ɹ/ differently in all syllable
positions.
Figure 5: Modeled F3 trajectories of English and
Mandarin rhotics by bilingual speakers.

(1) Modeled F3
trajectories of English and
Mandarin prevocalic /ɹ/
with following vowels

(2) Modeled F3 trajectories
of English and Mandarin
postvocalic /ɹ/ and the
preceding vowels
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There are three main results. First, Mandarin /ɹ/ has
two different phonetic realizations. Mandarin
postvocalic and syllabic /ɹ/ was characterized by a
low F3, while prevocalic /ɹ/ was featured by an
initial frication before F3 lowering. The result
supports previous proposals that Mandarin phoneme
/ɹ/ resembled fricatives phonetically when in
prevocalic position [19]. This feature posts
challenges for late bilinguals when learning English
/ɹ/ because it is uniformly realized in all syllable
positions in English, but has allophonic variations in
Mandarin.
Second,
Mandarin-English
bilinguals
successfully learned English /ɹ/ without interferences
from the perceptually-similar Mandarin /ɹ/. Though
Mandarin prevocalic /ɹ/ is distinct phonetically to its
English equivalence, Mandarin-English bilinguals
produced the correct phonetic realizations of English
/ɹ/. SLM proposed that a new phonetic category
would establish when a L2 sound was phonetically
different from the closest L1 sound [5]. Our results
showed that this hypothesis was not totally true.
Phonetic differences did not lead to a brand new
phonological category, but a new positional
allophone with a distinct phonetic realization. Our
results is consistent with the proposal in PAM-L2
that bilingual speakers could equivalent a L2
category to a L1 category if they shared the same
phonological distribution, but could still be aware of
the phonetic difference between the two sounds [6].
Similar phenomenon has been observed in FrenchEnglish bilinguals as well [6].
Third, highly proficient Mandarin-English
bilinguals produced distinct phonetic realizations for
/ɹ/ in each language. This suggests that, at least for
speakers who are highly proficient in their L2, late
bilinguals could still learn language-specific
phonetic details for their two languages.
In summary, the current study showed that highly
proficient Mandarin-English bilinguals produced
English /ɹ/ without L1 influences, and produced
language-specific phonetic details for English and
Mandarin /ɹ/.
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[ɿ ʅ] refer to two front high vowels in Mandarin, which
are usually called apical vowels. The apical vowel [ɿ]
appears only after dental fricative [s] and affricates [ts,
tsh], and [ʅ] appears only after post-alveolar consonants
[ʂ, tʂ, tʂh, ɹ].
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ABSTRACT

2. CLICKS IN ENGLISH

Clicks are phonemically rare, non-pulmonic stop
sounds [10]. They have also been reported as
nonverbal features but few studies have identified
English clicks’ phonetic form and functions [22, 15].
Despite the vast pragmatic literature on word search,
knowledge of the phonetic form of word search
clicks is mostly anecdotal.
This paper reports results from an ongoing
sociophonetic study, using a combination of
Conversation Analysis to identify word searches
[2] and narrow auditory transcription with visual
spectral information in Praat to analyse clicks. In 8
hours of conversations of 16 Glaswegian speakers,
we found 125 word searches, 55 with a click.
Phonetically, clicks were oral, mainly dental in
articulation, often alongside a particle (e.g. uh/um),
and tended not to occur with creakiness or inbreaths.
Mixed effects logistic regression analysis further
suggests the greatest predictor of a click in a word
search is the presence of a particle.

To our knowledge, there are only five systematic
studies of clicks in English (beyond numerous
observations in descriptions of English, e.g. [9, 10,
8, 21]). In a forensic study from 2013, Gold et al.
[5] investigated the rate at which speakers produce
clicks in order to discern whether or not clicks could
be used as a forensic discriminant. They observed
454 clicks in 100 speakers (=499 minutes of speech),
and concluded that clicks were not frequent enough
to be used as a discriminant.
A small-scale sociophonetic study of regional
variation of clicks in Scottish English [13], found
451 clicks in 9 speakers, speaking 3 dialects of
Scottish Engish. Click usage varied substantially by
individual speaker, but also seemed to interact with
dialect and speech style. In terms of function, clicks
were used most to index a new sequence and indicate
word search.
Two studies have implemented a full
Conversational Analysis (CA) approach to clicks,
through close analysis of how clicks function
in English talk, alongside phonetically-detailed
descriptions of click production.
Wright [22]
examined telephone data of both British and
American English speakers for clicks which occur
at the closing down of one sequence of talk before
the beginning of the next one, or New Sequence
Indexing (NSI) clicks. Phonetically, NSI clicks
were produced with a full range of articulation (e.g.
bilabial to lateral), and primarily orally rather than
with any collocated nasal material. They also often
occurred alongside particles such as uh or um, and
contained some lexical material which was creaky
in quality. Turn-initial clicks usually occurred with
an in-breath.
Ogden’s study on the functions of clicks in
talk-in-interaction [15] mirror these findings
and add that clicks can occur in isolation or as
part of multiple clicks (either double or more).
This study also presented the range of functions
clicks can perform. In addition to indexing a
new sequence, click functions can be divided
into two functional categories: stance-displaying

Keywords: non-pulmonic, clicks, sociophonetics,
interactional linguistics, Conversation Analysis
1. INTRODUCTION
Clicks are typologically rare, non-pulmonic, stop
sounds found as phonemes in some Southern and
Western African Languages, e.g. !Xhosa, Zulu,
Sandawe, !Xóõ [10]. Phonemic clicks range from
bilabial to lateral place of articulation, with the most
common being dental. The prevalence of dental
clicks results in a range of fine-grained articulation,
e.g. with more tongue protrusion, closer to the
alveolar ridge, etc.
Clicks also function as non-lexical discourse
features in many languages, including Cantonese,
German, French, and English [14, 4, 12, 15].
However, there are few studies on click usage in
English and very little is known about their phonetic
form and function. Even less is known about how
social factors might constrain this interactional
variable in English.
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are constructed in interactions, and so we use
Conversation Analysis methods to identify word
search. Word search construction is well-established
in the CA literature [2, 7, 6, 17], which examines the
action in context. Word search is one way speakers
deal with issues that can arise in interaction (e.g.
forgetting a word). The speaker may identify
a problem, or signal that there is one to come,
and performs the act of searching (usually with
turn-holding indicators and hesitation markers, such
as the bilabial trill in Fragment 1 or the u:::h in
Fragment 2), while the problem is ongoing. Typical
verbal clues that can indicate an ongoing word
search include: long pauses; particles e.g. uh, um
(Fragment 2); repetition or elongation of sounds
(e.g. lengthened /a:/ in “Asperger’s” in Fragment 1);
creak; and cut off syntax (“Jonah has-” in Fragment
1) [2, 6, 7]. This is followed by a resolution [17]
through overt references to the word search itself
(“Oh god I can’t even mind” in Fragment 2),
referring to listener expertise (“When was it?” in
Fragment 2), or a co-construction where the listener
offers the word that the speaker is struggling with
(“Asperger’s” in Fragment 1).

and sequence-managing.
Stance-displaying
clicks employ the formula [click] + [response
token] to mark disapproval, sympathy, agreement,
appreciation and more.
Sequence-managing
clicks can index a new sequence, mark incipient
speakership (shift of one speaker to another),
indicate backchannel, initiate self-repair, hold the
floor during a turn, and mark word search. Many
of these actions are theorised and classified in
pragmatic literature (e.g. [19]), but the role of clicks
within them remains unstudied.
Most recently, Pillion’s [16] sociophonetic study
examined clicks and percussives, sounds made
by the audible separation of the articulators, and
gender variation in speech preparation strategies in
American English. Pillion analysed 38 speakers
in hour-long interviews and found that, once
percussives were removed, women clicked more
frequently than men.
This paper returns to Scottish English, and reports
results from a larger ongoing sociophonetic study
into the role of social factors in the form and
function of clicks in Glaswegian conversational
speech. Here we focus on clicks in word search
sequences.

3. METHOD

2.1. Word Search

This paper presents results from the analysis of eight
hours of casual dyadic conversations between 16
speakers from the city of Glasgow, in the Central
Belt of Scotland. The sample is stratified by both
age and gender, with 4 male and 4 female younger
speakers, aged 17-24, and 4 male and 4 older
female speakers, aged 48-60 (the full sociophonetic
corpus consists of recordings from 50 speakers).
Audio-visual recordings were made in a sound
studio with the researcher present to avoid one
speaker dominating the interaction. Participants
were asked to complain about whatever they chose,
with some prompts provided if necessary, in order
to elicit stance-displaying clicks which occur less
commonly than sequence-managing ones [15, 13].
All clicks were identified and analysed using
narrow auditory transcription, with reference to
visual spectral information in Praat [1]. Following
the practice of Wright [22], Ogden [15], and word
search literature [2, 7, 6, 17], clicks in word searches
were coded for oral production, number of clicks,
creaky collocated material, inbreath, pauses longer
than 0.3 seconds, the presence of a particle, and
place of articulation. The place of articulation was
determined auditorily (e.g. [22, 15]) and could
be bilabial; labiodental, with the top teeth creating
suction against the bottom lip; labiodental with

A broad definition of word search is the action of
searching for a word while speaking [7]. This is
marked by several features and usually manifests in
some indication of trouble or disfluency in speech
which is later resolved; see examples in Fragments
1, 2.
Fragment 1: Word search with two lateral clicks

Fragment 2: Word search with three palatal
clicks

Word search is often studied from a
psycholinguistic perspective, where it is seen
as difficulty in accessing lexical material or lexical
processing, e.g.
tip of the tongue syndrome
[3, 18]. In this study we concentrate not on lexical
access, but rather the way in which word searches

1824

click. Five clicks were produced as multiples (one
set of two and one set of three).

bilabial articulation followed by dental articulation;
dental; alveolar; palatal; or lateral. For this study,
the new category of bilabial-dental coarticulated was
added, where participants seemed to be maintaining
suction between both lips while producing a dental
click, releasing both closures at the same time.
Each word search sequence was identified using
criteria listed in Section 2.1. All word search
sequences which did not have a “resolution” as
described in Section 2.1 were excluded from the
data to prevent uncertainty. Word searches were
also coded for the same phonetic information as
click-containing sequences, detailed earlier in this
section. All statistical analysis was carried out in
R [20]. Descriptive statistics were used for click
collocates and a mixed effects logistic regression
was carried out using the lme4() package to
investigate the difference in word searches with and
without a click. The dependent variable was click
presence; the independent variables were particle,
inbreath, creak, and pause. Speaker was coded as
a random factor.

Figure
2:
Percentage
of
phonetic
accompaniments for word search clicks

The phonetic accompaniments to word search
clicks are shown in Fig. 2. Out of 55 clicks, 24%
were produced with an inbreath (n=13) and 80%
were produced with a particle (n=44). Only 13%
had collocated creaky material (n=7) and 84% were
produced orally (n=46).
Word search clicks were found to have the
following places of articulation: bilabial-dental
coarticulated, labiodental separate-articulation,
dental, alveolar, palatal, and lateral. The most
common place of articulation was dental, accounting
for 44% of the total clicks (n=24). The next most
common place of articulation was bilabial-dental
coarticulated, accounting for 23% of the total clicks
(n=11). All other places of articulation showed
fewer than 4 tokens each.

4. RESULTS
We first considered the overall number of clicks by
speaker in the conversations as a whole. Out of 8
hours of recordings of 16 speakers, we found 256
clicks performing 22 different functions, including
marking incipient speakership, indexing a new
sequence, showing disapproval, backchanneling,
marking word search, etc. Click rate varied greatly
by individual speaker, ranging from one speaker
producing only 3 clicks, to another producing as
many as 36 (see Fig. 1). This contrasts with [13]
where 451 clicks were found per 9 hours of speech.

4.2. Word searches with and without clicks

In order to investigate whether word searches
constructed with a click (n=55) might be different
from those without (n=70), we considered all word
searches, irrespective of the presence of a click,
in terms of the factors mentioned in Section 2.1
and 3. Word searches contained some inbreaths
(26%), pauses (29%), and creak (18%); 72% of
word searches contained particles.

Figure 1: Number of clicks by speaker

Figure
3:
Percentage
of
accompaniments for all word searches

phonetic

4.1. The phonetics of word search clicks

The data provided 125 instances of word search
sequences. Of these, 55 were constructed with a

In Figure 3, the data are arranged by word
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more word search clicks than any other speaker. Our
second most-frequent clicker is F-20-8B, a member
of the lowest average click users, the younger female
group.

searches with and without a click by phonetic
accompaniment.
Each pair of bars shows
the total number of word searches with the
darker grey showing the percentage of phonetic
accompaniments present in word searches with and
without a click (e.g. inbreath/no inbreath, creak/no
creak, etc.).
Word searches with and without clicks had similar
distributions for the additional presence of inbreath,
creak, and pauses. This was further confirmed by
the results of the logistic regression, which were not
significant for these factors. However, the difference
between word searches with and without a click with
regards to the presence of a particle varied. 80%
of word search sequences containing a click also
had a particle (n=44/55), while 67% word searches
without a click had a particle (n=46/70). This
result is only marginally significant in the logistic
regression (Odds ratio (95% confidence interval) =
2.09 (0.91, 4.76), p = 0.08), probably because of the
relatively small amount of data. It does suggest that
use of a particle could be indicative of click presence
in a word search.

Figure 4: Word searches with/without clicks by
speaker

5. DISCUSSION AND CONCLUSION
This study of clicks used to construct word search
in Glasgow English confirms some of the patterns
observed by Wright and Ogden [22, 15]. Clicks
were produced orally, across the full range of place
of articulation, and most were dental, as studies of
phonemic clicks have observed [11]. Clicks mainly
occurred alone, but could occur as multiples [15].
These word search clicks did not often occur with
an inbreath, unlike Wright [22]. This might relate
to function; Wright’s study was largely focussed
on New Sequence Indexing clicks. Clicks were
sometimes produced with creaky material [15].
Clicks were used in 44% of the 125 word searches
occurring in the data. No clear relationship between
clicks and the presence of an inbreath, pause, or
creak emerges for word search clicks. However,
these initial results suggest that when speakers
construct word searches with particles, they may
also use a click. This relationship between particle
presence and click production in word searches will
be investigated in the full sample of 50 speakers in
future work.
Finally, viewing the stratified sample as a whole,
the presence of a click seemed to be constrained
by gender and age, since older male speakers
produced the highest number of word searches
with a click.
This result might seem contra
Pillion [16]. However, examining click frequency
by speaker shows substantial individual variation
much like [13]. As this study progresses and
more observations are added, further insight into
individual variation in click use may well be
valuable for forensic studies as Gold et al. [5] had
anticipated.

4.3. Word search clicks and social factors

Our sample of speakers was stratified by age and
gender (see Sec. 3). Given Pillion’s [16] recent
results showing higher click frequency in male
speakers for stance-displaying clicks, we examined
the role of social factors for click rates in word
search here (see 1).
Table 1: Word search clicks by gender and age

Older
Younger

Female
45% [n=9]
33% [n=11]

Male
56% [n=9]
46% [n=26]

The percentage of clicks in word searches seems
to be distributed according to gender and age.
Younger female speakers produced the fewest clicks
in word searches (33%), while older male speakers
constructed 56% of their word searches with a click.
Note that one older male speaker is excluded from
the analysis due to producing no word searches.
Whilst consideration of social factors at the level
of the group suggests an interaction of age and
gender in click usage, inspecting individual speaker
variation presents a different perspective. Figure 4
shows word search click percentage by individual
speaker. It is immediately clear that use of clicks
is largely determined by individual speaker. One
older male speaker, M-54-12B, does not click at all,
while speaker M-55-25A produces proportionally
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ABSTRACT
The Basque language has a rare three-sibilant
contrast: post-alveolar, apico-alveolar, and laminoalveolar. Previous work has identified the existence
of this distinction; however, relatively little attention
has been paid to documenting and analyzing its
acoustic phonetic character. The current study
analyzes the production of this distinction by 28
native Basque speakers, paying special attention to
within-category variability.
Statistical analysis confirms the three-way
contrast. Multiple acoustic properties that could
distinguish the categories are examined, finding that
only one seems necessary: spectral centre of gravity
(COG). Within-category variability seems to be
influenced by this three-way contrast, where
distribution skewness is more positive for categories
of lower COG means, and distribution of the central
category exhibits less variance. To consider how
neighboring categories (and the number thereof)
relate within the acoustic space of interest, results are
compared with the English two-sibilant system.
Keywords: speech production, variability,
dispersion, sibilants, under-documented languages
1. INTRODUCTION
The Basque sound system has a six-way distinction
of sibilants that is considered typologically rare.
There are post-alveolar, apico-alveolar, and laminoalveolar categories, which have fricative and affricate
counterparts that are contrastive with each other.
Previous work has identified the existence of this
distinction, as well as deliberated its historical
development and regional attestation.[7,8,13] For
example, in some varieties, there also appear to be
contrastive voiced counterparts.[7,8] And, regarding
some varieties, some have suggested that the two
anterior categories may have merged while in others
they remain distinct.[7,13] Research has also
examined how non-native speakers learn the
perception of this contrast.[2] However, relatively
little attention [cf.1] has been paid to documenting
and analyzing the acoustic phonetic character of this
distinction in speech production.
At least two other languages are well known to
have three-sibilant systems: Polish and Mandarin.
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However, these systems differ from that of interest
here, with the three categories usually characterized
as dental, alveopalatal, and retroflex.[5,11,18] Given
that this contrast is typologically rare and
phonetically under-documented, the current study
analyzes the voiceless fricative members of this
differently populated sibilant system. Special
attention is given to comparing multiple acoustic
properties that could distinguish the three categories
and to their variability within the acoustic space, as
well as comparing this variability to the English twoway sibilant system. While sibilants have previously
been considered quite consistent and stable in their
realization [4,16], further work has identified that
they still exhibit within-category variability, both of
static and dynamic acoustic measurements [9,10,17].
For example, in a Dispersion-Theoretic account
[5,12], we might expect this three-way system to lead
to a more widely dispersed use of the acoustic space
in comparison to a two-way system. However,
Recasens and Espinosa [15] observe that a more
crowded phonemic system leads not necessarily to
more phonetic dispersion but to contrast-sensitive
limitations on variability: The Majorcan variety of
Catalan is identified to have a phonemic /ə/ category
while other varieties exhibit [ə] only allophonically.
While the peripheral vowel categories neighboring
the acoustic space of /ə/ are not further dispersed in
this variety than in other varieties, they exhibit less
variability encroaching on its acoustic space.
We may, in the case at hand, see a similar
influence of this more crowded phonemic system on
category variability. It may not be that the three-way
system has more widely dispersed category means
than the two-way system. Rather, categories may
avoid encroaching upon each other’s acoustic spaces
by means of within-category variability, such as by
outer categories exhibiting non-normal distributions.
2. METHODS
Adult native speakers of Basque (N=28) performed a
speech production task in a sound-attenuated room,
audio-recorded at a 44.1kHz sampling rate. All
speakers were also bilingual in Spanish. The task was
designed to elicit utterances of the three categories:
post-alveolar [ʃ], apico-alveolar [s̺ ], and laminoalveolar [s̻ ] (henceforth referred to by their

orthographic representations: <x>, <s>, and <z>
respectively). Each was the first segment in a nonce
syllable with a consistent [Cɑ] format. The purpose
of this task was to elicit endpoints of three soundcontinua that would be synthesized for a future
perception study: <s>-<x>, <s>-<z>, and <s>-<ts>
(<ts> representing the affricate counterpart). These
were randomly cycled through 10 times, leading to 10
utterances of <x, z> and 30 of <s>.
For the comparison English data, adult native
speakers of American English (N=27) performed a
word list reading task in a sound-attenuated room,
audio-recorded at a 44.1kHz sampling rate. For each
category (alveolar [s] and post-alveolar [ʃ],
henceforth referred to by orthographic <s> and <sh>),
utterances of 4 separate words of [ˈCɑ…] form were
elicited in 3 randomized cycles (including fillers).
Sound files were segmented in Praat by trained
assistants, found to be highly consistent (95% CI of
.965 < ICC < .99). The start of each fricative of
interest was identified as the onset of aperiodic noise
at the start of the single-word utterance, and the end
was identified as the onset of periodicity attributable
to the following vowel. A Praat script was used to
extract measurements from each segment: the first
four spectral moments centered around the midpoint
of the segment—centre of gravity, variance,
skewness, and kurtosis—as well as segment duration.
3. ANALYSIS
First, the Basque data will be discussed, for
documentation and analysis of within-category
variability. Then, the variability of the three-place
Basque system will be compared with the variability
of the categories in the English two-place system.
3.1. Character of the distinction

The five measurements of each segment utterance,
along with its category ID, were submitted to a Linear
Discriminant Analysis (LDA) model in the R
statistical programming environment using the
lda()
function
provided
by
Displayr’s
flipMultivariates package [6]. This model
uses all dependent variables provided to disperse n
number of categories as widely as possible in a space
of n-1 dimensions. Each dependent variable can then
be assessed for how strongly it contributed to the final
model’s category discrimination. Table 1 provides the
results of this assessment along with the modeled
means of each category. What the results suggest is
that, in spite of using all measurements provided, only
spectral centre of gravity (henceforth COG)
significantly contributes to category discrimination.
In other words, while a multidimensional approach to
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distinguishing the three categories is possible, they
can be distinguished by COG in a unidimensional
approach. In light of these results, the remainder of
this study will analyze only COG as the acoustic
dimension of this contrast. The successive {x < s < z}
increase in COG parallels previous findings [1]i and
will motivate further referring to the categories of
<x> and <z> as the “outer” categories and <s> as the
“inner” category in this shared acoustic space.
Table 1: Category means and evaluation of
significance of contribution to LDA model.
<x>
<s>
<z>
n=276
n=826
n=277
COG
7200Hz
7507Hz
7780Hz
variance
2029
2039
2079
skewness
1.41
1.38
1.25
kurtosis
4.86
5.15
4.27
duration
0.19s
0.18s
0.18s

p
<.001
.999
.141
.276
.1

Linear mixed-effects regression (LMER)
modeling corroborates that this is a three-way
distinction (Table 2). Using the lmer() function
provided by the lme4 package [3] in R, a model of
COG treating ‘category’ as a three-level factor was
generated alongside an identical model treating it as a
two-level factor. In the two-level model, the anterior
<s> and <z> categories were collapsed, given some
suggestions that these two categories may be merged
in at least some varieties.[8,13] That appears to not be
the case in this dataset, given that an ANOVA test
between the two models identifies the three-level
model to provide a significantly better fit of the data
(χ2(1)=7.759, p=.0053).
Table 2: LMER of COG including sound category
and speaker sex as fixed effects, with random
terms for speaker intercept and speaker-bycategory slope; p-values (here and in all following
tables) come from ANOVA tests between the final
model and that excluding the fixed effect of
interest and any related random effect.
p
COG
Est. Std.Err.
t
Intercept: <x>, F
7701Hz
136Hz 56.54
category: <s>
312Hz
95Hz
3.28
.0015
category: <z>
575Hz
121Hz
4.77
sex: M
-931Hz
150Hz -6.22 <.0001

3.2. Within-category variability

Now, we turn to analyzing the statistical moments of
the acoustic spectral moment identified as necessary
for distinguishing the three categories: COG. For
example, henceforth skewness does not refer to the
shape of the spectrum of a single utterance and which
frequency ranges exhibit greater amplitude. Instead,
it refers to the shape of the distribution of variability
across the utterances pertaining to a sound category
and whether COG values higher or lower than the
category’s mean COG are more common.

For the following analyses of these statistical
moments of variability, the variability of concern is
within-speaker, within-category variability. That is,
for every speaker, there is one value per category
which describes a different aspect of that category’s
variability across that speaker’s realizations of it.
Figure 1: Statistical moments of within-speaker,
within-category COG variability.

inner category, exhibits a distribution of variability
more commonly favoring realizations of a lower
COG. And, vice versa, the <z> category, with a
higher mean COG than the inner category, exhibits
not only a higher mean COG but also a distribution of
variability more commonly favoring realizations of a
higher COG. This is apparent in the results plotted in
Figure 1 and identified as significant (Table 3).
3.2.2. Category crowding
The inner <s> category of the Basque three-place
system is hypothesized to exhibit a crowding effect:
i.e., It does not vary as much as the outer categories
since, if it did, it would encroach upon the acoustic
space associated with a neighboring category and be
potentially confoundable with that category.
This crowding effect is apparent in the results
regarding variance. The inner <s> category exhibits
significantly less variance (Table 3). Or, at least, it
exhibits less variance of variance across speakers (see
Figure 1): i.e., If a speaker does exhibit more variance
of a category, it will be an outer category. It was also
hypothesized that <s> would exhibit a lower degree
of kurtosis, straying from its mean less commonly;
however, the reverse was found, where the outer
categories exhibit significantly less kurtosis.
Therefore, while the crowding of the inner category
appears to confine its range of variability, it does not
appear to confine that variability’s shape.

Table 3: LMER of statistical moments of withinspeaker, within-category COG variability—
category as the binary factor of “inner” vs. “outer”
for analyses of variance and kurtosis.
SKEWNESS
Est. Std.Err.
t
p
.645
.139
4.62
Intercept: <x>
-.146
.137 -1.07
.028
category: <s>
-.367
.137 -2.69
category: <z>
p
VARIANCE
Est. Std.Err.
t
Intercept: <s>
1680357
289378
5.81
category: <x, z>
433726
208726
2.08
.039
p
KURTOSIS
Est. Std.Err.
t
Intercept: <s>
3.23
.25 12.87
category: <x, z>
-.53
.25 -2.13
.035

3.3. Comparison with a two-place system

3.2.1. Category distribution skewness
As discussed above regarding the Majorcan variety of
Catalan with a phonemic central /ə/ category, the
categories neighboring it exhibit less variance into the
central acoustic space than those same categories do
in varieties without phonemic /ə/.[15] Given this, it is
hypothesized that the variance of the outer <x> and
<z> categories in this three-sibilant system will favor
COGs further from the mean of the inner category,
meaning that the lower-COG <x> category will have
a higher skewness and vice versa.ii
This hypothesis is corroborated. While the
variance of all three categories tends toward a more
positive skewness, this skewness is inversely
correlated with the mean COG of the category. That
is, the <x> category, with a lower mean COG than the
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The acoustic phonetic realization of the English
system mirrors the Basque system, where the more
anterior <s> ([s]) is distinguished from <sh> ([ʃ]) by
a higher COG, as previously documented [4,10,i.a.]
and confirmed in the LMER results provided in Table
4. Two immediate observations run counter to what a
Dispersion-Theoretic account [5] would predict. For
one, the range between the two categories appears
greater than that between the outer members of the
Basque three-category system. Also, the two
categories’ mean COGs are lower than would be
expected: not neatly situated between Basque’s three.
Given this, the most acoustically similar anterior
categories across the two systems will be treated as
analogous counterparts in the cross-linguistic
comparison to come: each language’s <s> categories.
Figure 2 plots the statistical moments of withinspeaker, within-category variability in English. Table
5 provides the results of LMER comparisons between
these attributes of the two English categories. Of peak
interest in this study with regards to English,
however, is how the within-category variability
across categories in the two-place system compares to
that of the three-place Basque system. Table 6

provides the results of LMER analysis of withinspeaker, across-category differences of these
statistical moments, considering how these may differ
across the two languages.
Table 4: English: LMER of COG including
segment category and speaker sex as fixed effects.
p
COG
Est. Std.Err.
t
Intercept: <sh>, F 5558Hz
84Hz 66.09
category: <s>
2318Hz
153Hz 15.07 <.0001
sex: M
-562Hz
147Hz -3.83 <.0001
Figure 2: English: Statistical moments of withinspeaker, within-category COG variability.

Table 5: English: LMER of statistical moments of
within-speaker, within-category COG variability.
SKEWNESS
Est. Std.Err.
t
p
-.393
.134
-2.93
Intercept: <sh>
.553
.184
3.01
.004
category: <s>
p
VARIANCE
Est. Std.Err.
t
Intercept: <sh>
190378
54441
3.50
category: <s>
20837
76991
2.71
.0076
p
KURTOSIS
Est. Std.Err.
t
Intercept: <sh>
2.90
.21 13.69
category: <s>
-.38
.30 -1.28
.196

outer categories, there is a favoring of realizations
further from the inner category mean, and outliers are
considered those that encroach upon the inner
category’s acoustic space. For English, the same
constraint does not seem to be at play, and each
category is actually more commonly realized with a
more central COG; outliers may be tokens especially
dispersing or hyper-distinguishing the two categories.
This difference in skewness between the two English
categories is identified as significantly different from
that between the Basque outer categories (Table 6).
Regarding crowding, recall that the Basque inner
category <s> exhibited significantly less variance
than its outer neighbors. This was compared to the
variance of its analogous counterpart <s> category in
English, not flanked on both sides by neighboring
categories but only by one. Indeed, the variance of the
English <s> category seems less constrained than that
of its analogous <s> category in Basque, which has a
significantly greater variance than its own
neighboring <sh> category (Table 5). When
comparing each language’s <s> category with its
respective posterior neighboring category, this
across-language difference is identified as nearsignificant (Table 6). Finally, while not an aspect of
within-category variability, it was also identified as
significant (Table 6) that the range of the acoustic
space differs across the two systems, where the
difference between the two English categories’ is
greater than that between the outer Basque categories.
4. CONCLUSIONS

Table 6: Across-language, within-speaker, acrosscategory statistical moments and COG range,
where Intercept = Basque.
p
SKEW DIFF
Est. Std.Err.
t
Basque: <x-z>
.37
.16
2.25
English: <sh-s>
-.92
.23 -3.95
.0002
p
VAR DIFF
Est. Std.Err.
t
Basque: <x-s>
285758
173572
1.65
English: <sh-s>
-494128
247730 -1.99
.0512
p
COG RANGE
Est. Std.Err.
t
Basque: <z-x>
579Hz
136Hz
4.25
English: <s-sh>
1737Hz
194Hz
8.94 <.0001

Regarding skewness, English shows the opposite
pattern, where skewness is directly correlated with
COG mean rather than inversely as observed for
Basque. What this may mean is that, for the Basque
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The Basque three-sibilant system seems to be affected
by its more crowded acoustic space. The inner
category exhibits more constrained within-category
variability, both when compared to the outer
categories in the same system and to a similar
category in a two-sibilant system not flanked on both
sides by contrastive neighbors. Additionally, the
skewness of each outer category’s distribution of
variability suggests that realizations further from the
inner category’s acoustic space are more commonly
favored. Meanwhile, in a two-sibilant system, withincategory skewness is the opposite, where each
category appears to more commonly favor more
central realizations in the shared acoustic space, in
spite of such realizations being closer to the acoustic
space of a neighboring category. However, the
boundaries of the shared acoustic space itself may not
be as sensitive to the number of contrasts within it:
The range across which the three contrastive
categories span is tighter than that of a two-sibilant
system, similar to previous findings [15] suggesting
that phonemic crowding may affect within-category
variability more than across-category dispersion.
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lower skewness, since a lower skewness would mean that
more of the ‘tails’ or ‘outliers’ of the distribution fall
below the category mean rather than above it, therefore
not encroaching as much on the acoustic space of the
inner of the three categories. However, we make our
prediction with respect to where the majority of the nonoutlier data fall within its range of variability, rather than
the ‘tails’ of the distribution. In this respect, the lowerCOG category is predicted to have a higher skewness
because, within the range of possible realizations, most of
the time realizations will be favored that are further away
from the inner category: hence the median being further
from the inner category than the mean.
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ABSTRACT

(3) /kako/ ‘past’
(4) /hato/ ‘dove’

By studying the Corpus of Spontaneous Japanese
[1], this project offers new findings on the patterns
in the distribution of singleton and geminate
consonants in spoken Japanese. It also examines the
relationship between singletons/geminates and
preceding/following vowels.
The study yielded the following findings that
would be difficult to observe with other approaches,
such as intuition/dictionary-based studies and
perception experiments. The patterns in the
distribution and phonetic properties of singletons
and geminates differ greatly according to place,
manner, and voicing. Specifically, less sonorous
sounds produce greater singleton-geminate contrasts
and are thus more compatible with gemination.
Furthermore, the distribution affects the duration of
preceding/following vowels: 1) both preceding and
following vowels are longer when next to geminates
than to singletons; 2) the duration of the preceding
and following vowels positively correlates with the
duration of singletons/geminates. The study also
uncovered hitherto unnoticed aspects, such as
properties of affricate, fricative, and nasal geminates.
Keywords: duration, corpus, manner, continuancy,
vowel
1. INTRODUCTION

vs. /kakko/ ‘parenthesis’
vs. /hatto/ ‘hat’

Regarding the length contrasts, short consonants
are called singletons, while long consonants are
called geminates [2-9]. The primary acoustic
correlate of gemination in Japanese is closure
duration: geminates are twice or three times as long
as their singleton counterparts, although the duration
differs according to place and voicing.
1.2. Previous studies of singleton/geminate consonants

Thus far, many studies have been conducted of
singletons and geminates [10-21]. These studies
have focused on the differences between singletons
and geminates in an attempt to identify cues or
factors that can affect the distinction between them.
These phonetic studies have identified factors such
as duration, (duration of) preceding/following
consonants/vowels, and non-durational acoustic
correlates like intensity, F0, and F1. Among many
cues or factors, the difference in constriction
duration has been argued to be the primary acoustic
correlate of the singleton-geminate contrast.
Previous studies of singletons and geminates
were also conducted from a variety of perspectives.
These studies have made substantial contributions to
phonetic and phonological studies, as well as to
many theoretical debates.
1.3. Problems and goals

1.1. Length contrasts and singleton/geminate
consonants

In Japanese, segment duration plays an important
role, both lexically and pragmatically. Modern
Japanese has a variety of length contrasts. For
vowels, the distinction between short and long
carries lexical contrasts, as represented in examples
(1) and (2):
(1) /tori/ ‘bird’
vs. /toori/ ‘street’
(2) /biru/ ‘building’ vs. /biiru/ ‘beer’
Similarly, the contrastive nature of consonant
length is exemplified in such minimal pairs as
shown in (3) and (4):
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Previous studies were largely based on experimental
data and focused mostly on perception. On the other
hand, the acoustic correlates of geminates in
spontaneous speech have not been sufficiently
explored. Additionally, most of these studies have
targeted stop geminates [6]. For example, the areas
that need to be addressed are manner of articulation
(such as fricative, affricate, and nasal geminates) and
voicing (such as voiced geminates).
Given this background, the goals of this study are
as follows. Focusing on production in actual
language use, the current study (i) sheds light on the
frequency distribution of singletons and geminates,
in addition to their durational properties that have

been reported in previous studies; and (ii) examines
the segmental properties of singletons and geminates,
such as manner (sonority) and its relation to
preceding/following vowels.
2. METHOD

(6) duration of singleton:
constr.: offset (preceding V) to onset (target C)
burst:
onset (target C) to offset (target C)
(7) duration of geminate:
constr.: onset (Q or N) to onset (target C)
burst:
onset (target C) to offset (target C)

2.1. Corpus

2.3. Dataset

This study employs the Corpus of Spontaneous
Japanese–Relational Database (henceforth CSJRDB) [1]. The CSJ-RDB is a part of the CSJ core
and has abundant annotations. This corpus consists
of 201 speech samples, amounting to 45 hours of
speech.

An exhaustive search and filtering of the data from
the CSJ-RDB resulted in 10,027 tokens, of which
8,407 (83.8%) were singletons and 1,620 (16.2%)
were geminates. For the whole dataset, the mean
duration of the singletons is 41.63 ms, the mean
duration of the geminates is 115.47 ms, and the
singleton-geminate ratio (SG ratio) is 2.77.
The retrieved tokens were then analyzed in terms
of the segmental properties of singletons and
geminates (place, manner, and voicing), and those of
preceding vowels. The distributional skews in the
results were tested by using the linear mixed-effects
model (lmer) in R (version 3.3.2) [21-22] with
speakers and items included as random effects.

2.2. Data collection

I retrieved the target data from the CSJ-RDB by
focusing on 12 speech samples by 11 speakers,
amounting to about 34,000 words. Using MySQL
(http://www.navicat.com), which implements the
programming language SQL, this study employed
the phonetic/phonological and morphological
information annotated in the CSJ-RDB.
The CSJ-RDB adopts the traditional phonemic
transcription of Japanese, where “Q” represents the
closure (constriction) portion of oral geminates,
while “N” represents the moraic nasal that can
comprise the constriction portion of nasal geminates.
This study targeted geminates (Qs followed by oral
consonants and Ns followed by nasal consonants)
and singletons (consonants observed in other
contexts).
It also focused only on singletons/geminates
occurring word-medially (except when derived from
N that can occur word-finally, as in jibuN-no ‘selfGEN’): the word (utterance)-initial position may be
preceded by a pause, making it difficult to accurately
measure the closure duration of stops in particular.
For consistency, this study excluded tokens of
singletons/geminates in word-initial position.
The data retrieval instruction was given using a
search formula specific to MySQL. From the
retrieved data, I filtered out certain irrelevant
information. Tokens were excluded from the dataset
if the targeted segments were a part of filled pauses
or word fragments.
The durations of the constriction and burst (only
frication or constriction for continuants, such as
fricatives and nasals) portions of singletons and
geminates were calculated by referring to the onset
time (StartTime) and offset time (EndTime)
annotated for each segment, as shown in (6) and (7).
Other segmental properties, such as manner, voicing,
and place, were manually annotated for each target
segment.
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3. ANALYSIS
3.1. The distribution of singleton/geminate consonants

This section presents details of the distribution of
singletons and geminates observed in the CSJ-RDB.
Most previous studies reported the durational
properties of stops but not of other segments such as
fricatives, affricates, and nasals [6, 10-12, 14-16, 23,
24].
Table 1 shows the mean duration and frequency
distribution of singleton-geminate pairs by place,
manner, and voicing. For each segment, the mean
duration (ms) is followed by the parenthesized token
frequency. Throughout this paper, the mean duration
and the SG ratio were calculated for stops and
affricates on the basis of the closure duration, and on
the basis of the constriction duration for fricatives
and nasals.
Table 1 suggests that (i) more geminates occur as
stops; (ii) voiced segments ([b], [d], [g], [z], [dʒ])
are rarely geminated, which is consistent with the
aerodynamic difficulty of producing voiced
obstruent geminates [16, 25, 26], and [b] especially
tends to resist gemination [27]; (iii) although it
differs depending on each segment, the SG ratio is
greater overall for stops and affricates (2.89) than for
fricatives and nasals (2.13). Geminates of highly
sonorous sounds such as glides, liquids, and
approximants were not found. This offers an
interesting contrast with some Romance languages;
for example, Italian shows a high propensity for
gemination of liquids and nasals [28].

Table 1: The mean duration and frequency
distribution of singleton-geminate pairs by place,
manner, and voicing in the CSJ-RDB.

Singleton
stop
[p] 48.94 (10)
[t]
49.17 (825)
[k] 43.95 (1,586)
[b] 38.51 (204)
[d] 25.52 (299)
[g] 20.82 (251)
fricative
[f]
58.40 (19)
[s]
55.30 (1,015)
[ʃ]
54.10 (638)
[h] 55.08 (75)
[z]
48.91 (156)
affricate
[tʃ] 35.69 (432)
[dʒ] 27.33 (36)
nasal
[m] 51.54 (407)
[n] 43.93 (458)

Geminate

SG

118.00 (76)
116.98 (763)
124.78 (262)
NA
96.01 (2)
126.11 (1)

2.41
2.38
2.84
NA
3.76
6.06

114.46 (2)
134.15 (33)
118.46 (25)
NA
NA

1.96
2.43
2.19
NA
NA

71.17 (38)
NA

1.99
NA

112.88 (48)
108.35 (370)

2.19
2.47

shows an SG ratio of around one, suggesting that the
duration of singletons and geminates in the burst
portion does not differ significantly (t = -0.864, n.s.);
(ii) for stop geminates, the duration of the burst
portion is shorter for geminates than for singletons (t
= -6.04, p < 0.01), suggesting that the durations of
closure and burst are inversely proportional to each
other; (iii) for affricate geminates, in addition to the
closure portion, the frication portion is longer as
well, contra the claim that the primary acoustic
correlate of affricate geminates seems to lie in the
difference in the closure duration, and not in the
frication duration [32].
Table 2: The ratio of singleton-geminate (closure
and burst portions) pairs in the CSJ-RDB.

The results overall support the previous
observation that SG ratios follow the order of voiced
stops > voiceless stops > fricatives. Additionally,
singleton fricatives are longer than singleton stops
[10, 24, 29], while the difference in duration
between geminate fricatives and geminate stops is
smaller. Consequently, the SG ratio is smaller for
fricatives than for stops, which results in a less
perceptible contrast in fricative pairs. Crosslinguistically, pairs that do not contrast
straightforwardly are observed at lower frequency
[16, 30, 31], which is attested also in the lower
frequency of fricative geminates here.
Having confirmed the overall distribution in the
corpus, the next step is to analyze the duration of
geminates in detail. Previous studies argued that the
primary acoustic cue for gemination is the closure
duration; accordingly, the primary question to be
addressed here is whether this holds in spontaneous
speech.
Table 2 summarizes the durational ratios for
closure and burst for geminates and singletons.
Fricatives and nasals, which inherently do not have a
closure, were excluded from the analysis. For each
segment, the SG ratio is followed in parentheses by
the mean duration (geminate/ singleton).
Table 2 shows the following: (i) for all segments,
the closure portion is two to three times as long as
for their singleton counterparts (t = 53.95, p < 0.01)
(except for the voiced segments [d] and [g] that
occur with low frequency), while the burst portion
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SG ratio (closure)
stop
[p]
2.41 (118.00/48.94)
[t]
2.38 (116.98/49.17)
[k]
2.84 (124.78/43.95)
[b]
NA
[d]
3.76 (96.01/25.52)
[g]
6.06 (126.11/20.82)
affricate
[tʃ]
1.99 (71.17/35.69)
[dʒ]
NA

SG ratio (burst)
1.17 (18.96/16.21)
0.94 (15.90/16.92)
1.02 (25.25/24.68)
NA
1.13 (16.27/14.35)
1.29 (22.56/17.46)
(frication)
1.40 (64.42/45.90)
NA

3.2. Manner

Previous studies have focused mainly on stop
geminates; thus, fricative geminates, affricate
geminates, and sonorant geminates have not yet
been sufficiently explored. This section discusses the
differences in the distribution of singletons and
geminates according to manner. Figure 1
summarizes the distribution.
As Figure 1 shows, the SG ratio is higher in stops
than in affricates, fricatives, and nasals (t = 7.2, p <
0.01). The order of the SG ratio is mostly consistent
with the sonority hierarchy: stop > affricate >
fricative > nasal > liquid, approximant, except for
the lowest ratio in affricates. As we observed in
Table 2, not only the closure portion but the frication
portion of affricates is longer in geminates than in
singletons (t = 2.89, p < 0.01, SG ratio in frication
portion: 1.42), which makes the entire duration
sufficiently long. This durational compensation may
affect the lower SG ratio in closure portion shown in
Figure 1.
The four manner categories can be divided by the
continuancy: non-continuants (stops and affricates),
which include a closure portion, and continuants
(fricatives and nasals), with continuous airflow. The
observation that non-continuants show higher SG

ratios than continuants (Section 3.1) reflects the fact
that the closure portion plays a crucial role in the
perception of the singleton-geminate contrast.
This result confirms the claim that sounds with
lower sonority can produce greater singletongeminate contrasts [33]; geminates are preferred in
contexts where they produce greater contrasts [16,
30, 31].

0.0

SG ratio
1.0
2.0

3.0

Figure 1: The distribution of SG ratio by manner
in the CSJ-RDB.

preceding vowels, which is consistent with betweenmora-timing compensation [11, 12, 38].
The durations of the following vowels show a
similar pattern, contrary to the previous observation
that post-geminate vowels are shorter than postsingleton vowels: following vowels are 14.09 ms
longer after geminates (72.58 ms) than after
singletons (58.48 ms) (t = 8.84, p < 0.01).
Furthermore, a positive correlation between the
durations of following vowels and singletons/
geminates was observed (t = 27.73, p < 0.01, r =
0.27), which suggests the absence of within-moratiming compensation.
These results support the status of the duration of
preceding and following vowels as a secondary
acoustic correlate of the singleton-geminate contrast.
Figure 2: The mean duration of vowels
preceding/following singletons/geminates in the
CSJ-RDB.

stop

affr

fric

nasal

3.3. Preceding/following vowels

Studies of the durational properties of segments
preceding or following singletons and geminates
have been conducted experimentally [12, 15, 16, 23,
24, 29, 30, 34-36]. These studies focused on the
effects of consonant duration on preceding or
following consonants or vowels (i.e., C1V1C2V2,
where C2 is a singleton or geminate) on the
perception of singletons and geminates. Additionally,
various acoustic measures that may affect
classification accuracy have been proposed and
tested in perception experiments (e.g., raw C
duration, C/V1 ratio, C/Word [13, 37], C/V2 ratio [35,
37]). The general understanding of Japanese
gemination patterns is that pre-geminate vowels are
longer than pre-singleton vowels. Post-geminate
vowels, on the other hand, are shorter than postsingleton vowels, though the difference in duration
of the preceding vowels is more substantial and
more consistent than that of following vowels [35].
Hence, the current study examines the relationship
between preceding and following vowels and the
durations of singletons and geminates.
In Japanese, vowels are longer before geminates
than before singletons. This pattern is also observed
in Figure 2: preceding vowels are 15.41 ms longer
before geminates (73.54 ms) than before singletons
(58.13 ms) (t = 18.85, p < 0.01). In addition, the
durations of preceding vowels are positively
correlated with the durations of singletons and
geminates (t = 33.21, p < 0.01, r = 0.32). This shows
that longer consonants induce increased durations of
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Duration (ms)

60

sing/gem
sing
gem

40

20

0
Preceding V

Following V

4. CONCLUSIONS
This study of singletons and geminates (i) described
the frequency distribution and durational properties
of singletons and geminates using actual speech
data; (ii) examined the segmental properties of
singletons and geminates, such as manner (sonority),
and the relationship between singletons and
geminates and preceding/following vowels.
The results of the current study confirm (i) the
importance of closure duration in singleton-geminate
contrasts and the lengthening of frication duration in
the gemination of affricates; and that (ii) preceding
and following vowels show the same pattern: vowels
are longer before/after geminates than before/after
singletons, contrary to previous observations, which
suggests the presence of between-mora-timing
compensation and the absence of within-moratiming compensation, implying the existence of
some temporal unit higher than mora in Japanese.
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ABSTRACT
The control of tongue movements is crucial in speech
production, since the tongue is responsible for the fine
shaping of the vocal tract, which determines spectral
characteristics of the speech sounds. Little is however
known about motor control mechanisms of the tongue
because of the technical difficulty to have physical
access to the tongue. The study aims to investigate a
control mechanism of the tongue for posture
stabilization for speech. We newly developed
mechanical perturbation system to change the tongue
posture during speaking and examined responses to
transient mechanical perturbations during speaking.
We found that vocal tract shape was stabilized by
compensatory responses of the tongue for vowel
production. The response was faster than auditory
feedback loops and tended to maintain the shape of
tongue contour. The amplitude of response is also
greater for voiced and whispered vowel than for
posturing.
Keywords: Vowel production, Sensorimotor control,
Compensatory mechanism, Reflex, Somatosensation.
1. INTRODUCTION
Tongue is known to be the most important articulator
in speech production. Their control has to be fine and
accurate to determine spectral characteristics in
speech sound that are relevant for an efficient
phonetic categorization in listeners. This great
accuracy is achieved under many different physical
conditions, such as standing, lying or running. Yet,
tongue is a complex muscular hydrostat [5] that
deforms non-linearly as a consequence of the
activation of more than 20 muscles [1,8]. In this
context, a key question for better understanding of
speech production is what neurophysiological
mechanisms are involved in the achievement of
accurate and stable motor control and stabilization.
The previous studies showed that saturation effects
[3] combined with palatal contacts [1] could help
stabilizing tongue postures in high vowels and in
palatal consonants. More generally Gick et al. [4]
have proposed that mechanical properties (stiffness
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and viscosity) of the tongue would be systematically
controlled in order to make constrictions properly
with the appropriate accuracy. As an alternative
explanation, which is compatible with the
suggestions summarized above but would apply more
generally to the control of tongue movement in all its
biological
functions
(speaking,
swallowing,
breathing), the control due to somatosensory
feedback would enable achieving and maintaining
postures in a number of external physical conditions,
just as stretch reflex in the control of arm or leg
postures [6]. Stretch reflex is known to be mediated
by muscle spindles. While there is an evidence for the
existence of muscle spindles in the tongue [2], the
muscle spindles were not found in each tongue
muscle and it has been suggested that their density
could be low. Hence, it is not clear whether they could
significantly contribute to the postural control of the
tongue. However, other short delay somatosensory
reflexes could also originate in the tongue from other
mechanoreceptors [9], which are empirically known
by feeling and guiding of the food bolus during
swallowing.
The current study was designed to find behavioral
evidence concerning a short delay reflex in the tongue
and its role for the stabilization of the tongue during
speech production, without investigating the exact
nature of the sensory receptors. More specifically this
study investigated on-line correction mechanisms of
tongue control by an external perturbation during the
production of speech sounds. We developed an
original mechanical perturbation system to the tongue
that externally change the tongue posture. We
examined (1) whether or not the tongue showed quick
compensatory responses to correct movement errors
due to the external perturbation and (2) how the
response induced by the perturbation varied
according to whether the motor task is a speech or a
non-speech one.
2. METHOD
2.1. Participants

Eight native French speakers participated in the
experiment. The participants were all healthy young
adults with normal hearing. All procedures were

approved by the ethical committee in University of
Grenoble Alps.1
2.2. Data recording

The displacements of the tongue, lip and jaw were
recorded using a 3D electromagnetic articulograph
(Wave, Northern Digital Inc.). The sensors were
glued in the mid-sagittal plane, on the tongue tip (TT),
tongue blade (TB), and tongue dorsum (TD), on the
upper and lower lips (UL and LL), and on the jaw (J)
(see Fig. 1). Four reference points, namely the nasion,
the left and right mastoids and the upper incisor were
also recorded for head movement correction. The data
were recorded at 400 Hz sampling rate. The speech
signal was synchronized with the movement data and
was recorded at a 22.05 kHz sampling frequency.
Figure 1: A, Tongue perturbation system (left) and
EMA sensor locations in the mid-sagittal plane; B:
EMA sensor locations and anchor points (TP) of the
wire on the tongue surface.

2.3. Tongue Perturbation

A small robotic device (Phantom, 3D Systems) was
used to apply a load to the tongue (see Fig. 1A). The
robot was set in front of the subject and connected to
the tongue surface through thin wire. The wire has
two small anchors that were glued on the tongue
surface lateral to the middle sensor (TPs in Fig. 1B).
The tongue perturbation was produced by pulling the
tongue with a force step of 1N that held for 1 second.
The interference of this additional anchors to speech
production is relatively small compared with the
sensors of the articulography because the height of
this anchor is relatively low (approx. 1mm).
2.4. Experimental Procedure

The participant sat on the chair with head holder. The
robot and display were set in front of the participant.
The task consisted of the production of vowels /i/, /e/,
and /e/ under 3 conditions: (1) in voiced speech
(Voicing); (2) in whispered speech (Whispering); (3)
silently, i.e. maintaining tongue postures of the task
vowels (Posturing). These tasks were carried out in
random order. Written visual instructions were used
to inform the participants about the task for the next
trial. The experimenter controlled the start of each
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trial by examining if the participant was ready to
speak. The visual onset cue for speaking were
presented 0.5 s after the trial onset. The tongue
perturbation was applied 1.5 s after the trial onset in
only one third of the trials selected randomly in order
to avoid any anticipation of the presence/absence of
the perturbation.
2.5. Data Analysis

For the articulatory movement data, a 3D head
movement correction was applied off-line based on
the head position measured using the 4 reference
sensors. Jaw displacement was subtracted from the
displacements in the tongue sensors in order to focus
on tongue control only. We computed the average of
displacement amplitude induced by the perturbation,
which was calculated taking the tongue position at
perturbation onset as “zero-displacement” reference.
For rough estimation of the average tongue contour
of the production of the task vowels, direction vectors
joining between each tongue sensors, from TB to TT
and from TB to TD, were calculated in each
participant and was averaged across participants.
The acoustical analysis was carried out on the voiced
speech only. The first and second formants (F1 and
F2) were extracted using LPC analysis [7]. These
formant values have been more specifically analysed
at a number of selected time points that we have
considered to be relevant from the perspective of the
correction mechanism.
In overall statistical analyses, mixed-effect model
was computed with vowels (/i/, /e/ and /e/), speaking
manner (Voicing, Whispering, and Posturing) and
sensor locations on the tongue (TT, TB, and TD) as
fixed effects, and subjects as random effects. Post-hoc
tests with Bonferroni correction followed.
3. RESULTS
The mechanical perturbation disturbed the tongue
posture in the horizontal direction during the speech
tasks. Figure 2 shows the time variations of the
average horizontal tongue sensors’ displacements and
of the F1 and F2 values for vowel /e/ in voiced
condition. The downward displacements correspond
to a forward movement of the tongue. Dashed vertical
lines indicates time events on the TB variation.
The perturbation Onset (between 1st and 2nd lines)
induced a large tongue displacement in the forward
direction. This displacement was partially reduced by
compensatory movement. After reaching a maximum
of compensatory movement, the tongue was again
gradually drifted forward. When the perturbation was
removed (perturbation Offset), the tongue moved
backwards, but it not completely recovered its

original position along the horizontal direction
(between the 3rd and 4th line). This sequence of
movements indicates that the tongue posture was
controlled efficiently to face the transient force
change, but not the constant level of force maintained
afterwards. This could be due to the fact that transient
changes are experienced in daily life, in situation such
as biting or eating, while static forces of this intensity
are rather rare.

sensor during the production of /e/ are shown in the
sagittal plane for the three conditions (Fig. 3). We
spatially aligned the data at the onset of the tongue
perturbation to zero. The time events indicated by the
dashed lines in Fig. 2 are represented by asterisks in
Fig. 3. In general, the sensor trajectories from the
onset to the offset of the perturbation are very similar
across conditions.
Figure 3: Displacement of tongue in sagittal plane
during the production of /e/ in the three conditions.

Figure 2: Temporal patterns of the first and second
formant frequencies and horizontal displacements
of the tongue tip (TT), blade (TB) and dorsum (TD)
during the production of voiced /e/. Time 0
corresponds to the perturbation onset.

The produced sound was also modified and the
spectral
changes
were
largely
corrected
synchronously with tongue movement corrections.
The acoustical change was mostly found in F1. The
peak amplitude was reliably different from the base
amplitude before the perturbation (p < 0.005), but this
was not found in F2 (p > 0.3). The compensation on
F1 starts around 160 ms after the perturbation onset.
In average approximately 50 % of the change in F1
was corrected, but F1 is still different from its value
at perturbation onset (p < 0.01). Similar responses
were also found for the production of /i/ and /e/. These
results indicate that tongue position is controlled to
quickly correct for the acoustical changes induced by
the perturbation and maintain the integrity of the
produced vowel sound.
To see spatial nature of the responses to the
perturbation, the averaged trajectories of the TB
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The remarkable finding is that the immediate
compensatory movement back toward the original
position did not follow the same path as the
movement induced by the perturbation. Instead, the
compensatory response seems to enable a recovering
of the original tongue contour (light lines in Fig. 3).
The direction of this compensatory response was
nearly perpendicular to the original tongue contour.
This tendency was seen in all conditions. This
suggests that the immediate compensatory
mechanism of the tongue is not intended to maintain
the position of the tongue at a specific location, but to
maintain the same shape of the tongue contour. This
statement is also supported by the observation of the
tongue positions after the perturbation removal,
which were not the exact original position, but the
positions that preserved the original shape of the
tongue contour.
The Mixed-Effect Linear Model revealed a
significant influence of each fixed effect, i.e. vowel,
speaking manner and sensor location, separately. The
movement amplitudes of the transient response
following perturbation onset and at perturbation
offset are presented in Fig. 4. The transient
displacement amplitude following the perturbation
onset is reliably different according to the vowel (Fig.
4A), [F (2,182) = 175.5, p< 0.001]. The largest
displacement was found for /e/ and it was gradually
reduced for /e/ and /i/ production. Post-hoc tests
showed significant differences in all combination of
comparison (p < 0.02). The same tendency was found
at the perturbation offset [F (2,182) = 142.2, p<

0.001]. This is probably due to differences in tongue
stiffness depending on the vowel. The highest
stiffness produced the smallest position change.
Figure 4: Displacement of tongue following the
onset of the perturbation between 1st and 2nd
dashed lines in Fig. 2 and at perturbation offset
between 3rd and 4th dashed lines.

Differences in tongue stiffness may also explain
differences in tongue response amplitude associated
with the speaking manner (Fig. 4B). We found that
displacements in the posturing task were reliably
greater than those in the other two tasks (whispering
and voicing) [F(2,182) = 24.01, p< 0.001], suggesting
a lower stiffness in the posturing task. A similar
tendency was observed at the perturbation offset,
although it did not reach at significance level
[F(2,182) = 1.774, p > 0.15]. These results support the
idea that the tongue stiffness can vary depending on
the speaking manner.
Finally, we found a significant difference according
to the sensor location on the tongue [F(2,182) =
26.22, p < 0.001] in Fig. 4C. The transient
displacement amplitude for the tongue blade (TB)
was not different from the one for the tongue dorsum
(TD) (p > 0.9), but the amplitude for tongue tip (TT)
was significantly smaller than for the other two
sensors (p < 0.001 in both). This was also observed at
the perturbation offset [F(2,182) = 22.74, p < 0.001].
The reduced movement amplitude for TT may
suggest that the stiffness of the anterior part of the
tongue may be lower than in posterior part, which
suggest that the passive mechanical characteristics is
not homogeneous in the tongue body.
4. DISCUSSION
We observed an immediate compensatory response
against the mechanical perturbation. The position of
each sensor on the tongue did not return to their
original position, but the response tends to enable
recovering the original shape of the tongue contour.
During the vowel production, the spectral
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characteristics of the sounds were also modified, but
were in large part recovered quickly synchronously
with the immediate compensatory response in
motion, which suggests that tongue control was
organized so as to maintain the acoustic output. The
amplitude of the displacement due to the tongue
perturbation varied depending on the speaking
manners (smaller for voicing and whispering than for
silent speech) presumably due to a change of tongue
stiffness depending on the task demand. The current
finding suggests that the tongue is controlled
precisely by rapid compensatory mechanisms and
impedance control to stabilize vocal tract shape for
speaking.
Auditory feedback can be a possible loop to induce
compensatory
movements
together
with
somatosensory feedback. When the produced sound
is suddenly changed in pitch or formant by using
altered auditory feedback system, those acoustical
change can be compensated, in some situations, more
than 200 ms of latency. In the current test, the
perturbed acoustical change started around 50 ms and
the compensation was seen around 160 ms after the
perturbation onset, indicating the latency from the
detection of acoustical change to the compensation
was about 110 ms that is relatively faster than the
previous compensation due to auditory error.
Considering that the acoustical change was
synchronized with articulatory movement change in
the tongue and the change of articulatory movement
was seen less then 100 ms after the perturbation onset,
control by somatosensory input rather than auditory
inputs may be more dominant in the current
compensatory response. The result indicates that,
while the tongue posture was stabilized to maintain
certain acoustical goal for speaking, actual
compensatory response can be driven not on an
auditory-basis, but rather on a somatosensory-basis.
This suggests that fast somatosensory feedback in
speech production is adjusted in order to preserve
acoustics, probably as a result of a learning of
auditory-somatosensory mapping.
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ABSTRACT
Intra-syllabic
articulatory
movements
have
previously been shown to vary depending on tonal
context. In this study we concentrate on the jaw and
explore its movements in two tonal contexts, i.e. the
falling and the rising tone of the Swedish word
accents. EMA was used to track the mandible of 19
speakers while they read sentences with target words
carrying similar word onsets. Evaluation of the
acceleration (second derivative) of the jaw
movements revealed three well-defined intervals: jaw
opening, jaw open posture and jaw closing. Mixed
effects models showed that the jaw opening and the
jaw open posture were longer in the rising tone
context. Concurrently, spatial data revealed lower jaw
trajectories in the falling tone context. Our results
resemble that of previous findings on the tongue
body. In conclusion, the two tonal contexts induce
different jaw movements, presumably because of the
involved physical mechanism of two distinct tonal
targets.

on Mandarin lexical tones, finding evidence of lip and
TB coordination differences between the tones [3], as
well as TB height differences [4-6]. In addition, [5-6]
found an effect of tone height on the jaw movement:
a lower jaw position in Mandarin tone 3 (a low tone).
Their results correspond well with the findings by [7]
that low tones encompass lower larynx movements
and downward movements of the jaw, while higher
tones display the jaw moving backward as the tone
falls.
These previous findings suggest that the jaw, the
tongue, and the lips are highly coordinated with f0
during speech, although the details of the effect of the
tonal context are not fully understood. Therefore, in
order to get an overall picture an examination of the
jaw movements in different tonal contexts is required.
Figure 1: Mean f0 contours of A1 and A2 target
words by South Swedish speakers (from [2]): short
vowels (a); long vowels (b). Normalized time scale.
The vertical lines are segment boundaries.

Keywords: jaw, acceleration, EMA, tone
1. INTRODUCTION
This study explores the movements of the jaw in the
two tonal categories of the Swedish word accents
(henceforth SWA). SWA are morpho-phonological
and sometimes referred to as lexical pitch accents.
They are used to differentiate monosyllabic and
polysyllabic words, while in disyllabic words they are
associated with different suffixes. Phonologically a
falling or a rising tone, respectively, is associated
with the stressed syllable [1]. This results in an early
f0 peak in Accent 1 (A1), and a late f0 peak in Accent
2 (A2) (Fig. 1, from [2]).
What we present here is complementary to
previous articulatory findings on the lips and the
tongue body (henceforth TB) during the word-initial
CV sequence /ma/ [2] in A1 and A2. In [2] a slightly
longer lip closure was found in A1 than in A2, while
at the same time a longer lowering yet with a higher
positioned trajectory of TB in A2 than in A1. In this
study we are using the same material as in [2] to
perform measurements on the jaw movements.
Previous studies on the coordination of
articulatory movements with f0 have mainly focused
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1.1. Research questions

The goal was to investigate the spatiotemporal role of
the jaw during the word-initial CV sequence /ma/
comparing the two tonal categories of the SWA. The
research is exploratory and guided by the following
questions:
1. Does jaw movement differ between A1 and
A2 word-initial CV sequences?

2. Will the jaw follow the same pattern as TB,
i.e. have longer intervals in A2?
Because the speech material includes /ma/ sequences
with both long and short vowels, and different wordendings, we furthermore suspect the jaw to be
affected by these circumstances, e.g. that the closing
of the jaw is affected by the post-vocalic consonant,
as has previously been found in [8].
2. METHOD
Articulatory data was collected from 19 South
Swedish speakers (12 female, 𝑥̅ =40 yrs, sd=12.3 yrs)
using a Carstens AG501. Each speaker read leading
questions + target sentences from a prompter
(presented eight times in random order), an
arrangement employed to put a contrastive focus onto
the last element in the target sentence. This left the
target word in a low-prominence inducing context,
hence controlling for possible effects of sentence
intonation. In Swedish high prominence is associated
with an additional f0 peak or a higher f0 [1, 9].
The original data set consisted of 18 target words,
divided into nine word accent pairs with identical
stressed syllables (e.g. bilen-bilar or manen-manar).
For this study we only used the four word accent pairs
that shared the similar word-initial CV sequence /ma/.
However, the target words differed in stressed vowel
length and post-vocalic segments (Table 1). The
target words were embedded in individual but
similarly structured target sentences. The VCV
sequence preceding the target words was identical
(/ade/). 1191 tokens were recorded.

first author segmented the acoustic data manually in
Praat [12] using ProsodyPro [13]. The TextGrids
were further used in R to automatically extract
articulatory data from selected time frames of each
target word. The time frames were manually adjusted
for each speaker using visual cues of the y-trace jaw
movements and the tangential velocity profile.
2.2. Measurements

We used the second derivative of the xy trace
movement (first derivative of tangential velocity) to
locate the moment of maximal acceleration and
deacceleration (Fig. 2). Maximal de-/acceleration as
onset and offset of an articulatory movement is
preferable, since it reflects the damped mass-spring
systems of articulatory dynamics ([14] for an account
on a Dynamical Systems Theory for speech). In other
words, with smoothed acceleration data it is feasible
to track speed changes of the articulators, e.g. as they
slow down before a complete closure.
Figure 2: Horizontal and vertical jaw trajectories,
tangential velocity, and acceleration during an item
(mamma, A2, segments in boxes). Intervals based
on maximal acceleration: jaw opening (a), jaw open
posture (b), and jaw closing (c).

Table 1: The target words according to SWA and
vowel length; long vowels denote open syllables.
Short
vowel
Long
vowel

Accent 1
man.nen the man
mam.mut mammoth
mɑ:.nen the mane
mɑ:.len the catfish

Accent 2
man.na semolina
mam.ma mom
mɑ:.nar urge
mɑ:.lar catfish (pl.)

2.1. Procedure

Articulatory data was recorded at 250 Hz, and audio
was recorded simultaneously at 48 kHz. For this study
we used data from a sensor on the mandible (just
below the incisors). In order to correct for head
movements, three additional sensors were employed;
one behind each ear, and one on the nose ridge. The
sagittal angle was not controlled for during the
recordings but is not expected to have an effect since
we apply the combined x and y dimension. After postprocessing including head correction in Carstens
software, the articulatory data was transferred to R
[11] where it was smoothed using locally weighted
regression by the R function loess (span=0.1). The
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After a visual inspection of the jaw acceleration
during /ma/, it became evident that there were three
well-defined intervals: the jaw opening, the jaw open
posture, and the jaw closing (Fig. 2). For this reason,
we collected the time points of the maximal de/acceleration and used them to calculate the three
intervals, and also combined them to obtain the total
jaw duration. We predicted the temporal
measurements to reflect the downward-backward
movement, but nonetheless collected data on the
vertical position and made a qualitative analysis of
the normalized y-trace.

2.3. Analysis

The calculations based on the temporal measurements
(the three intervals and the total duration) were
statistically tested to see whether they differed
between the two tonal categories (A1 and A2).
Generalized linear mixed effects models (GLMM)
were used to account for sensor placement variation
and speaker variability (speaker as random effect:
random intercept and slope). We added word as
random effect (random intercept) to avoid certain
factors (e.g. word frequency, word endings, or target
sentence information structure) enhancing the
possibility of a Type I error (=a lower p-value). Word
accent and vowel length were set as fixed effects. We
performed a likelihood ratios test for each interval to
test whether the additional complexity of vowel
length was warranted. The models were run in R
using the lme4-package [15]. P-values were obtained
by using the lmerTest-package in R [16].
For the qualitative analysis of spatial movements,
the words were time-normalized by z-transforming
the time points. The jaw sensor vertical positions
were then normalized for each word or each speaker
by z-transforming positions per word/speaker on the
basis of all positions in the utterance it occurred in.

movements in A2 are longer (Fig. 3D). The model
warranted adding vowel length as well. Table 2 shows
the full effects of the model including the interaction.
Fig. 3. Mean intervals in milliseconds (y-axis). AC: with error bars, all target words divided into
SWA pairs with short vowels (left) and long vowels
(right). D: all words divided into SWA

3. RESULTS
3.1 Temporal results

After a model comparison, word accent was fit as the
only fixed effect on the jaw opening interval data. The
model showed a significant difference between the
word accents (t=2.41, p<.05) (Table 2). Fig. 3A
visualizes the small but significant effect of tonal
context on the jaw opening. Although there was some
variation, A1 had shorter jaw opening intervals than
A2 in all four word accent pairs.
The measurements on the jaw open posture
interval warranted adding vowel length as a fixed
effect to the model. The more complex model
revealed a significant effect of word accent (t=3.17,
p<.05), vowel length (t=-8.66, p<.001) as well as the
interaction between them (t=-2.76, p<.05) on the jaw
open posture (Table 2), as illustrated in Fig. 3B. The
target words with long vowels (the four bars to the
right) have longer and more varied intervals, and in
addition seem affected by the word accent as opposed
to the short vowels (left bars) (Fig. 3B).
The results on the jaw closing intervals revealed
no effect by the fixed effects. Only word accent was
warranted, which showed no effect on the jaw closing
interval (t=0.26, p=.8). Error bars in Fig. 3C display
some difference between vowel lengths.
Total jaw duration (all three intervals) showed an
effect by word accent (t=3.17, p<.05): the overall jaw
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Table 2: GLMM results. Significant effects in bold.
Abbr.: intercept (I/C); fixed effects word accent
(A1), vowel length (V:), and interaction (A1*V:).
Dep. variable
Jaw opening I/C
A1
Jaw open
I/C
posture
A1
V:
A1*V:
Jaw closing I/C
A1
Total jaw
I/C
duration
A1
V:
A1*V:

Est.
49.37
3.03
75.36
11.25
-29.19
-13.07
59.21
0.90
184.39
20.60
-33.99
-24.32

SE
1.8
1.26
3.47
3.55
3.37
4.73
4.37
3.46
7.00
6.49
6.28
8.89

df
19.28
19.80
19.69
9.17
8.04
7.80
23.18
12.93
23.12
8.40
7.43
7.45

t
27.38
2.41
21.70
3.17
-8.66
-2.76
13.56
0.26
26.47
3.17
-5.41
-2.74

p
.000
.026
.000
.011
.000
.025
.000
.800
.000
.012
.001
.027

3.2 Spatial results

Regression lines on the vertical jaw data were used to
visualize the differences between the word accents
(Fig. 4). When normalized by word we find a lower
jaw trajectory in A1 than in A2. Comparing this to a
normalized vertical jaw data by speaker instead reveal
a slightly higher jaw in A1. Noticeably, long vowels
showed higher jaw trajectories in both word accents.

Figure 4: Regression lines of vertical jaw positions
during /ma/ (C1, V1). Normalized by word (a) and
speaker (b). Effects: word accent and vowel length.

4. DISCUSSION
The temporal results revealed that the jaw opening
and the jaw open posture were shorter in the falling
tone (A1) than in the rising tone context (A2). The
jaw movements in A1 seemed truncated, as if
adjusting for the presence of an early tonal target. On
this note, SWA have similar tonal contours, but
distinct tonal timing (see Fig. 1). The tonal patterns
result in a jaw opening either in a high tonal context
(A1) or a low tonal context (A2). Thus, as a shorter
jaw opening interval suggests an earlier jaw open
posture onset, this might be prompted by the early
high tone in A1. Similarly, the open jaw posture was
prolonged in A2, as if to cover the rise to the high tone
before the jaw closes completely. In other words, the
tonal contexts of SWA seem to cooccur with
systematic and distinctively timed jaw movements.
We suggest that the jaw, and the coordinated
articulatory movements (based on findings in [2]),
mechanically adjust for the distinct tonal targets of
A1 and A2.
Our temporal analysis based on GLMM takes into
account the variation between speakers and target
words. It also includes dynamical movements, since
we use acceleration time points of the downwardbackward movements. The results correspond well
with earlier findings of shorter TB movement in A1
[2]. In addition, the prolonged jaw movements (total
jaw duration) in A2 is consistent with previous
acoustic studies on SWA segments [9, 17].
Inspection of the vertical data revealed a lower jaw
trajectory for the falling tone context (A1) during
/ma/. This could suggest that the shorter intervals in
A1 is due to an already low jaw starting position,
hence a more open mouth as a possible effect of the
high tone context. However, when our data is
normalized by speaker the patterns are shifted instead
towards a slightly lower jaw for the rising tone (A2).
Hence, our two means of normalization either leave
out substantial information on the individual target
words or speaker variability. Although normalization
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is fruitful for prominence or lexical frequency effects
on segment duration, it leaves out information about
the dynamical systems of position, velocity and
acceleration, all of which contribute to the shortening
or the prolongation of articulatory movements.
The closing of the jaw seems affected by manner
and place of articulation for the second consonant, as
has partly been reported elsewhere [8], and possibly
also by the second vowel, which differs between the
target words in our material. However, our data on
this is hard to read because of the presence of multiple
factors and we leave this for a subsequent study.
The results show that the biggest differences in
duration are between phonemically short and long
vowels; A1 vs. A2 effects are very small by
comparison. However, the open posture intervals of
the long vowels appear to differ between A1 and A2,
and also display more variance than for the short
vowels, which gives some insight into the variability
of different vowel lengths. As the longest jaw open
posture was found in manar (A2) with the highest
mean f0 (Fig. 1), prominence (as in high f0) is
probably the reason for the longer intervals of this
particular target word. However, manen (A1), which
also carries a high mean f0, has a shorter open posture
interval. It seems that prominence has a positive
effect on this interval only in late tonal peaks (rising
tone), while an earlier peak (falling tone) leads to a
negative effect of prominence on the jaw open
posture interval. This observation supports our
suggestion of a connection between the jaw and f0,
though not necessarily reflected in absolute jaw
height but rather, as we propose, in timed jaw
movements mechanically adjusted to the tonal
contexts of the SWA.
5. LIMITATIONS AND FUTURE STUDIES
Analyzing spatial data is intricate. Jaw height has
previously been measured at lowest jaw position [5]
and at midpoint of the vowel [6], but because of the
multiple tonal targets such measurements are not
informative for the SWA. Our results suggest that
spatial measures need to represent several tonal
targets and in addition control for speaker variation.
The data analysis was restricted to the mandible.
However, since head posture has been shown to vary
depending on tone [6] it should be accounted for in
the future. A feasible way is to include data from
sensors on the nose ridge or behind the ear.
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ABSTRACT
Perturbations of auditory feedback (AF) have proven
very useful for studying the interaction between feedback and feedforward systems in speech production.
AF clearly contributes crucially to planning and execution of spectral speech targets; and subjects typically show compensatory responses in the opposite
direction to a feedback manipulation. However, less
is known about the reaction to perturbations in the
temporal domain and the importance of AF for planning and execution of temporal properties of speech
targets. It is not even clear whether compensatory behaviour can in principle occur. Accordingly, this
study investigates real-time AF manipulations in the
temporal domain, viz. stretching and compressing of
absolute durations in onset (CCV) vs. coda (VCC) positions. Since CCV forms a gesturally more cohesive
and stable structure than VCC, we expected greater
reactions to perturbations in the coda. Compensatory
responses were indeed found, and these were overall
stronger in the coda.
Keywords: auditory feedback perturbation, temporal
domain, syllable structure
1. INTRODUCTION
Over the last couple of decades two approaches to
modelling speech production have formed a particular focus of discussion: On the one hand Articulatory
Phonology, wherein temporal properties of given gestures and relative timing of active gestures with one
another are described, but with no integration of physical auditory or somatosensory feedback and their interaction with a feedforward system [10] (but see [9]).
On the other hand, the DIVA model maps cognitive
representations to functions of how speech targets are
built up, stored and modified through auditory and somatosensory feedback. Then again, DIVA does not
incorporate representations of how dynamic specifications of speech emerge and how they are executed
[11]. Assuming that speech production is controlled
through auditory and somatosensory feedback with
the aim of achieving acoustic goals, then speech targets presumably contain information about acoustic
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features of sounds. One experimental paradigm that
supports this idea comes from AF perturbation experiments, in which spectral properties of the AF are altered while the somatosensory feedback remains
unchanged. It was demonstrated that subjects react to
manipulations of their own AF, e.g. perturbation of
formant frequencies, F0, or fricative spectra, mainly
with a compensation in the opposite direction to the
manipulation [8,6,4]. Driven by the need to combine
the modelling of dynamic features described in Articulatory Phonology with the modelled interaction between feedback and feedforward systems in DIVA,
this study investigates subjects’ reactions to an online
AF perturbation in the temporal domain.
In research on prosodic features of speech it was
shown that the structure of syllables decisively contributes to speech timing. Within a syllable, onset, nucleus and coda reveal different patterns of temporal
flexibility, outlined in two concepts that describe a
stronger temporal relationship and close coupling between onset and following vowel compared to vowel
and coda in both articulation (c-center effect [3]) and
perception (p-center effect [7]).
To get insight into the role of AF for timing mechanisms of syllable structure, manipulations of AF will
be applied to onset+vowel (CCV) sequences and
vowel+coda (VCC) sequences in a similar phonological and lexical context. The component durations of
CCV/VCC sequences will be stretched (first 50% of
the sequence) and compressed (second 50% of the sequence) and fed back in real-time to the subject. Subjects’ reactions to temporally perturbed AF are
expected to give information about the prosodic stability of the syllable structure from an acoustical point
of view and the relevance of AF for planning and execution of temporal properties of speech targets.
2. TEMPORAL REAL-TIME MANIPULATION
OF AUDITORY FEEDBACK
In spectral (spatial) AF perturbations, predictions of
how the intended speech unit should sound do not
match the received feedback. In temporal AF perturbations, the time a particular speech event is predicted
to happen and its time frame do not match the actual
time the speech event is auditorily received.

Cai et al. [1] developed a paradigm that allows finegrained real-time perturbation of fluent speech utterances. Mainly used for investigations on spectral perturbations, they also conducted a study containing
temporal manipulations. In Cai et al. [2] the perceived
F2 (second formant) minimum of the vowel [u] in
“owe” within the utterance “I owe you a yo-yo” was
either accelerated, where the vowel target was perceived earlier in time or decelerated, where the vowel
target was perceived later in time. They could show
that subjects are sensitive to a perturbation of perceived timing, at least for the deceleration condition
with reactions in the same direction as the perturbation (delaying/lengthening of following segments).
Their study altered a perceived speech target while
keeping the total duration of the speech unit constant.
The present study asks how subjects react to a perturbation that does not alter the time point of a speech
target, but rather the absolute duration of specific
speech sounds and their temporal relationship to each
other within a syllable.
Perturbations will be applied to onset and coda
segments. Based on the knowledge that onset and
vowel form a gesturally more cohesive and stable
structure and contribute more to syllable timing than
vowel and coda [3], we expect greater reactions to
temporal perturbations of VCC (coda) sequences than
to perturbations of CCV (onset) sequences.
2.1. Subjects and speech material

For this study 23 participants aged between 19 and 30
(ø23y, 18 females) without any hearing or speech disorders were recruited. All subjects performed both
perturbation conditions (onset and coda manipulations). The order of testing was counterbalanced over
subjects. For technical reasons, two subjects had to be
excluded for the onset condition and four (others) for
the coda condition, resulting in a set of 21 subjects for
the onset condition and 19 for the coda condition.
For comparable manipulation of onset and coda
segments, stimuli with the same sound sequences in
different syllable positions were needed. Both words
ought to have a similar lexical frequency and phonological surrounding. Therefore, for the onset condition the word “Pfannkuchen” (/ˈpfanku:xən/,
pancake) was chosen, with perturbation applied to the
onset affricate and vowel of the first syllable (/pfa/),
while for the coda condition the word “Napfkuchen”
(/ˈnapfku:xən/, ring cake) was selected, with perturbation of the vowel and coda affricate of the first syllable (/apf/). To allow the software stable real-time
tracking for triggering of the intended perturbation
section (as described below), the testwords were spoken after the carrier word “besser” (/ˈbɛsɐ/, better),
resulting in the German phrases “besser Pfannkuchen” or “besser Napfkuchen”.
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2.2. Experimental setup

Subjects were provided with EAR-Tone in-ear headphones for perturbed feedback and a Sennheiser headset microphone. They were required to speak the
target phrase 110 times within a certain timeframe
visualized on a screen in front of them and were encouraged to keep their speech rate as constant as possible throughout the experiment. Perturbation was
applied in phases, whereby the first 20 trials served as
a baseline with no perturbation, followed by a ramp
phase over 30 trials with increasing perturbation, culminating in a hold phase with 30 trials of maximum
perturbation, and followed by a 30 trials after-effect
phase with no perturbation again.
2.3. Temporal real-time perturbation using Audapter

The experiment was conducted in MATLAB using
the AUDAPTER software package of Cai et al. [1].
Online real-time perturbation allows to apply perturbations to a predefined substructure in fluent speech,
e.g. certain sounds in a syllable. To trigger the perturbation section, AUDAPTER performs an online status tracking (OST) based on detection of pre-defined
high- and low-frequency weighted intensity thresholds. In this experiment, OST thresholds were predetermined to fit to the word “besser”. The end of the
OST determines the start of the perturbation section
(PS) where the manipulation is applied. To estimate
the length of the PS (meaning the length of the CCV
(/pfa/) and VCC (/apf/) segments), a pretest was performed with every subject in which the mean duration
of the produced CCV/VCC sequence was calculated
and integrated into the test procedure.
The real-time perturbation needs a short delay of
not-noticeable 20ms to process and feed-back the AF
to the subject. To maintain this delay over the total
duration of the utterance, the temporal manipulation
must stretch and compress within the PS by the same
amount. Since it is not possible to first compress a
sound (because in this case the feedback to be sent
back would not have been produced yet), the manipulation will always stretch the first 50% of the PS up
to 80%, and compress the second 50% down to 20%
of the original length.
Hence in the onset condition (“Pfannkuchen”) CC
(/pf/) will mostly be stretched and the vowel (/a/) will
be compressed, while in the coda condition (“Napfkuchen”) the vowel (/a/) will be stretched and CC (/pf/)
will mostly be compressed. An example of perturbation for both onset and coda condition can be found
in Figure 1.

Figure 1: Example of original signal (baseline,
above) and applied maximum perturbation (hold
phase, below) in the onset condition (left) and coda
condition (right). The time span above marks the
perturbation section (0.32s in the onset condition
and 0.27s in the coda condition).

In the onset condition the vowel was produced longer
in hold phase relative to baseline (mean difference =
13.8ms, p < 0.05, sd = 23.1), and in the coda condition
the vowel was produced shorter (mean difference =
-11.5ms, p < 0.01, sd = 13.4) and CC longer (mean
difference = 34. 5ms, p < 0.001, sd = 25) in hold phase
relative to baseline. Thus, in those three cases subjects adjusted the produced segment duration in the
opposite direction to the perturbation. No effect was
found for CC in the onset condition (mean difference
= 2ms, sd = 17.2), but an effect of testing order was
found (t = 2.85, p<0.05), whereby subjects who performed the onset condition first rather compensated,
while the others rather followed the perturbation.
3.2. Compensation relative to perturbation

The effect of the temporal AF manipulation was
tested with two calculations. Firstly, the produced absolute segment durations in baseline and hold phase
were compared to show whether subjects in principle
react to a temporal perturbation. Secondly, the expected duration differences in production were set in
relation to the amount of perturbation that was applied. This calculation gives insight into the strength
of reaction and allows a comparison between onset
and coda condition.
3. RESULTS
3.1. Segment durations in baseline vs. hold phase

Linear mixed models were calculated with fixed factor perturbation phase (baseline vs. hold) and subject
as random factor over total segment durations of CC
(/pf/) and V (/a/) in the onset condition, and V (/a/)
and CC (/pf/) in the coda condition. The models indicated significant differences in segment length for the
vowel in both conditions, and for CC in the coda condition (see Figure 2).

The analysis of absolute duration differences between
baseline and hold phase has shown that subjects compensate for perturbations in the temporal domain in
both directions (i.e. compression of the vowel and
lengthening of CC in coda condition). To determine
how strong the compensation was relative to the applied perturbation, a measure was calculated that
takes into account that the perturbation is applied on
sounds that may already be produced compensatorily.
Further, for inspection of the compensatory behaviour
of the perturbed section as a whole (CCV and VCC),
a combination of CC and V segments for the onset
condition and a combination of V and CC segments
for the coda condition were taken into consideration.
To ensure a clean comparison between onset and coda
condition, only subjects with data in both perturbation
conditions were included in following calculations
(17 subjects, ø23y, 15 females).
As point of departure we take a normalized twodimensional coordinate system, wherein the segment
durations of the first segment (CC for onset condition
and V for coda condition) are on the x-axis and the
durations of the second segment (V for onset condition and CC for coda condition) are on the y-axis (for
visualization see Figure 3).

Figure 2: Differences in produced segment duration between hold phase and baseline (H-B) for onset/coda perturbation (21/19 subjects). Boxes
correspond to the first and third quartiles, bars represent the median. Whiskers extend from the hinge
to the highest/smallest value no further than 1.5*
IQR. Data beyond whiskers are outliers.
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Figure 3: Mean durations of both segments per condition normalized to baseline productions (17 subjects). B marks baseline durations, H hold phase
durations. B1 and H1 represent the signal spoken by
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For the following calculations two channels for hold
phase (H) and baseline (B) were considered, respectively: the original signal spoken by the subject (1),
and the perturbed signal heard by the subject (2). Although there was no perturbation applied in the baseline, a simulation of the signal with perturbation was
generated to estimate the maximum perturbation on a
signal without compensation (B2*). The durations
were normalized to the baseline production (B1),
hence B1 is at the zero-crossing for both axes.
A mean perturbation was calculated from the
mean of (simulated) maximum perturbation without
compensation (Euclidian Distance |B1-B2*|, dashed
line) and perturbation on a signal with reaction of the
subject (Euclidian distance |H1-H2|, dashed line) (see
equation 1). Assuming that subjects intuitively aspire
to match the received AF with the intended speech
signal through compensation, a closer distance between B1 (spoken and heard signal without perturbation) and H2 (perturbed AF in the hold phase) would
mean a stronger compensation. If H2 equals B1 the
reaction is interpreted as perfect compensation, meaning that the subject heard the signal he or she intended
to speak. The Euclidian distance of |B1-H2| (solid
line) was then divided by the mean perturbation and
scaled to percent values (see equation 2).
|/01/2|3|40142|

(1)

𝑚𝑒𝑎𝑛 𝑝𝑒𝑟𝑡𝑢𝑟𝑏𝑎𝑡𝑖𝑜𝑛 =

(2)

𝑐𝑜𝑚𝑝𝑒𝑛𝑠𝑎𝑡𝑖𝑜𝑛 = 1 − 9:;<= >;?@.B ∗ 100

2
|/0142|

Based on these calculations we observed compensation values between -8% and 29% for the onset condition (mean = 4.9%, sd = 10.5, median = 2.6%), and
values between -36% and 74% (mean = 37.9%, sd =
23.7, median = 42.6%) for the coda condition. A negative value results from a following of the perturbation (at least for one of the sounds). A paired t-test
was executed to estimate the relation of onset compensation to coda compensation which turned out to
be significant, showing a higher compensation in the
coda condition (t = 4.48, p = < 0.001, see Figure 4).
Figure 4: Compensatory behaviour for both conditions (17 subjects). Boxplot statistics are the same
as in Figure 2.
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75
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4. DISCUSSION
In this study the effect of real-time temporal AF perturbation was tested on the timing of segments within
specific syllable positions. The preceding analyses
showed that subjects do react to manipulations of segment durations and that they mainly compensate in
the opposite direction to the perturbation, just as has
been found for spatial perturbations. Compensation
was bidirectional for the vowel perturbation, resulting
in compensatory lengthening and shortening of segments. For the CC segment there was a compensatory
lengthening observed in the coda condition, but no
compensatory shortening in the onset condition.
Hence, the compensation in terms of absolute segment durations was overall stronger for the coda than
for the onset condition. An effect of testing order for
CC in the onset condition was found, but further consideration of possible effects of testing order must
await testing of more subjects.
Typical spatial perturbation studies showed compensation values around 25-30% (for F1 and F2) [5]. In
this study we found values of 5% compensation relative to perturbation for onset manipulations and 38%
compensation relative to perturbation for coda manipulations. Hence at this stage of our investigations we
cannot definitively state whether spatial or temporal
perturbation elicits more compensation; however, the
observed coda compensation is even higher than averaged spatial compensations.
Significantly stronger compensatory effects were
found in the coda condition which gives some support
to our assumption that onset clusters are more robust
when it comes to a distractor than coda clusters, since
the coupling relations in CCV may be more constrained than in VCC [3].
In this investigation we were able to show that
subjects react similarly to a perturbation in the temporal domain as they do to perturbations in the spatial
domain. To our knowledge compensation to a temporal perturbation of this kind has not been found before. With these results it might be conceivable that
temporal properties of speech sounds and syllable
structure are stored in a similar manner to acoustic
speech targets as described in DIVA; and that AF
plays a crucial role for timing of sound and syllable
duration.
In the next phase of the investigation, more subjects will be observed and their reactions to a sudden
absence of perturbation (after-effect phase) and while
perturbation increases (ramp phase) will be analysed.
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ABSTRACT
Japanese anime cartoons are characterized by their
unique voices, which poses an interesting research
opportunity in the study of phonetics. To identify the
acoustic characteristics of Japanese anime voices,
we analyzed voice quality in Japanese anime. Six
seiyu (vocal actor/actress) voices from two recent
anime cartoons were included in our analysis. We
also analyzed normal Japanese speech from the
Corpus of Spontaneous Japanese (CSJ) as control
data. Using openSMILE, software for voice quality
analysis, we measured several acoustic parameters
related to voice quality. The results demonstrate that
anime has significantly different values than normal
speech does in spectral slope-related parameters
such as H1-A3, F1~F3 relative energy, alpha ratio,
Hammarberg index, and spectral slope (0.5–1.5 kHz).
The results suggest that an anime voice has stronger
harmonics than normal speech does.
Keywords: anime, seiyu (voice actor/actress), voice
quality, phonation, spectral slope
1. INTRODUCTION
One of the most familiar genres of contemporary
Japanese popular culture worldwide is anime
cartoons. Approximately 60% of the world’s anime
cartoon series are produced in Japan [3]. One major
characteristic of Japanese anime cartoons is the
voices produced by seiyus, that is, professional voice
actors/actresses. These unique voices have gained
attention from phonetic and sociophonetic studies
[6][13][15]. In particular, female characters’ voices
are regarded as part of a distinctive female vocal
style in Japan that Starr called the “sweet voice” [13].
This vocal style is widely observed in Japan and has
been a subject of study for sociophonetics [13] as
well as social and cultural studies about Japan [12].
Interestingly, circumstances related to anime are
changing. As the Japanese anime industry grows, the
number of seiyus also increases. Being a seiyu is a
popular occupation for high school students in Japan,
and the number of would-be seiyus is estimated to be
around 300,000 [5]. We speculate that this increase
is related to changes in culture, society, and media in
Japan, and such essential changes may have affected
the traditional anime voice. Our long-term goal is to
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understand how Japanese anime voices have
changed over time, how they are different from
cartoon voices in other countries, and which factors
in culture, society, and media have influenced the
formation of Japanese anime voice.
As the first step of this project, we identify the
acoustic parameters that characterize anime voices.
The literature has analyzed prosody [6] and voice
quality [13][15], and voice quality is the focus of
this study. In this study, we incorporate recent voice
quality studies and include several acoustic
parameters not measured in the literature on
Japanese anime. Another novelty of our study is that
we deal with relatively recent anime cartoons and
compare them with normal speech.
One notable voice quality study proposed a
standard parameter set called the “Geneva
Minimalistic Acoustic Parameter Set” (GeMAPS)
[2]. This parameter set comprises 18 low-level
descriptors related closely to the production and
perception of voice. GeMAPS was used, for
example, in emotional speech studies of French
opera [11] and of Japanese [16]. We use these
parameters in our measurements.
2. METHODS
2.1. Data

We investigated two popular Japanese anime
cartoons: Kono Subarashii Sekai-ni Shukufuku-o!
(hereafter, “Konosuba,” English title: “God’s
Blessing on this Wonderful World!” released in
2016) and Gochuumon-wa Usagidesuka? (hereafter,
“Gochiusa,” English title: “Is the Order a Rabbit?”
released in 2014–15). Six seiyu voices (Sora
Amamiya and Aki Toyosaki from Konosuba and
Ayane Sakura, Inori Minase, Risa Taneda, and
Satomi Sato from Gochiusa), for which permission
for our academic use was granted by the parties
concerned, were the targets of the analysis.
To compare anime speech with normal speech,
we used the Corpus of Spontaneous Japanese (CSJ)
developed by the National Institute for Japanese
Language and Linguistics [8][9] to obtain the control
data. Among several instances of data in the CSJ,
tokens were extracted from eight female speakers’
speech in the Simulated Public Speaking set.
Speakers in their 20s and early 30s were selected to

make the control speakers’ ages closer to the seiyus’
ages.
2.2. Acoustic analysis

We used Praat (P. Boersma and D. Weenink) to
label and segment and openSMILE (audEERING) to
measure the acoustic parameters related to voice
quality.
Since speech is often overlapped with
background music in anime, the parts that were not
overlapped with music were manually detected. For
those parts, utterances were segmented. Then, the
character name was labeled, and vowels were
segmented for each utterance. Only vowels longer
than 60 ms were extracted for the analysis since
openSMILE fails to measure acoustic parameters
when a vowel is shorter. As this paper is an interim
report for the data for which segmentation has not
yet been completed, 455 tokens (vowel parts) were
subjected to the present analysis.
As for normal speech (CSJ), tokens were
extracted based on distributed segmentation data. To
make the number of tokens close to that of the anime
group, 448 tokens were extracted for the present
analysis.
Since the sampling rate of the anime sound files
(48 kHz) was different from that of the CSJ (16
kHz), the anime files were downsampled to 16 kHz.
We then measured the 18 acoustic parameters
composing the GeMAPS using openSMILE:
frequency-related parameters such as pitch, jitter,
formants 1, 2, and 3 frequency, formant 1 bandwidth,
energy/amplitude-related parameters such as
shimmer, loudness, harmonics-to-noise ratio (HNR),
spectral (balance) parameters such as alpha ratio,
Hammarberg index, spectral slope 0–0.5 kHz and
0.5–1.5 kHz, formants 1, 2, and 3 relative energy,
harmonics difference H1-H2, and harmonics
difference H1-A3.
Following Scherer et al. [11], we subtracted the
alpha ratio and spectral slope (500–1500 Hz) values
from 1 to make them comparable to other spectral
slope-related parameters.
3. RESULTS

parameters but insignificant for 6 parameters:
loudness, jitter, shimmer, H1-H2, F2 frequency, and
F3 frequency (Table 1).
Table 1: Main effect of
parameters

TYPE

on 18 acoustic

Parameters
Pitch
Loudness
Jitter
Shimmer
HNR
H1–H2
H1–A3
F1 frequency
F1 bandwidth
F1 relative energy
F2 frequency
F2 relative energy
F3 frequency
F3 relative energy
Alpha ratio
Hammarberg index
Slope (0–0.5k)
Slope (0.5–1.5k)

F(1,11)
25.326
0.010
4.503
0.007
49.487
0.200
17.067
32.465
7.657
12.858
1.988
19.001
0.070
16.944
41.337
17.724
35.354
27.542

p
0.000
0.922
0.057
0.934
0.000
0.663
0.002
0.000
0.018
0.004
0.186
0.001
0.796
0.002
0.000
0.001
0.000
0.000

In the frequency-related domain, anime speech
demonstrated a higher pitch, narrower F1 bandwidth,
and higher F1 frequency than normal speech.
In the energy/amplitude-related domain, anime
speech involved a lower HNR than normal speech.
However, the effect of loudness was not significant.
In the spectral slope-related domain, anime
speech had a lower spectral slope for all frequency
bands (i.e., lower H1–A3, higher F1~F3 relative
energy, lower alpha ratio, lower Hammarberg index,
lower slope 0.5–1.5 kHz) than normal speech does,
except for the spectral slope (0–0.5 kHz), in which
amine demonstrated a higher slope than normal
speech did.
Boxbar plots for spectral slope (0.5–1.5 kHz),
alpha ratio, Hammarberg index, and HNR are shown
in Figures 1–4.
4. DISCUSSION

We calculated mean values for each acoustic
parameter per speaker and vowel and then employed
a two-way mixed ANOVA with two independent
variables, including a between-subject variable TYPE
(anime, normal) and a within-subject variable
VOWEL (/a, i, u, e, o/) for each acoustic parameter.
Since one speaker’s data in anime lacked /e/ and /o/
tokens, this speaker’s data were not included in the
statistical analysis. The analysis revealed that the
main effect of TYPE was significant for 12
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We measured acoustic parameters that had not been
treated in previous comparisons between anime and
normal speech. The most remarkable results were
found in the spectral slope-related domain: most of
the parameters demonstrated that anime speech had
a lower spectral slope than normal speech did. This
result suggests that anime speech is characterized by
higher energy in upper harmonics than normal

speech has. An exception was spectral slope (0–
500Hz), in which anime demonstrated a higher
spectral slope than normal speech has. We are
cautious in interpreting this parameter because F0
tends to affect this parameter. A token with F0 less
than 250 Hz contains two harmonics in the 0–500
Hz range, whereas that with F0 between 250 Hz and
500 Hz contains one harmonic, and that with F0
greater than 500 Hz contains no harmonic. In anime
speech, F0 values are greater than 250 Hz in many
cases and are sometimes greater than 500 Hz. For
this F0 characteristic, the parameter of the spectral
slope (0–500 Hz) does not tend to reflect harmonic
energy in anime; thus, we consider that this
parameter is not appropriate for analyzing anime
voices.
In the other domains, anime speech was
characterized by a lower HNR. These results might
be contradictory to the results of the spectral slope.
A lower HNR has been considered as the reflection
of a rougher and breathier voice (e.g., [1]), and a
lower spectral slope has often been considered as an
indicator of creaky phonation (e.g., [4]). However,
more recent studies on voice quality interpret these
parameters in a different way. According to Scherer
and his colleagues, HNR is related to “phonation
perturbation (which can be produced by both hyperand hypotension of vocal fold adduction)” [10] or
“vocal fold length and tension” [14], whereas some
spectral slope-related parameters such as alpha ratio
are related to subglottal pressure [14].
It is interesting to compare our results with
Starr’s study of Japanese anime voices [13]. She
compared a “sweet voice” with the same seiyu’s
“non-sweet voice” in anime. One may consider that
Starr’s comparison between sweet and non-sweet
voices is equivalent to our comparison between
anime and normal voices. Here, we would like to
focus on four parameters in Starr’s results: H1–H2,
H1–A3, HNR, and 2k–4k. Although we did not
measure 2k–4k, we consider the alpha ratio and
Hammarberg index as equivalent parameters in that
these reflect the spectral slope in the frequency
region close to 2k–4k. Alpha ratio is defined as “the
ratio between the summed energy from 50–1000 Hz
and 1–5 kHz,” and the Hammarberg index is defined
as “the ratio of the strongest peak in the 0–2 kHz
region to the strongest peak in the 2–5 kHz region”
[2]. When we focus on these four parameters,
several differences are found between the two
studies. In Starr’s study, the sweet voice showed
higher H1–H2, H1–A3, and HNR values and lower
2k–4k values than the non-sweet voice. In our study,
the anime voice showed lower H1–A3, HNR, alpha
ratio, and Hammarberg index values than a normal
voice, and H1–H2 was not significant. In short, the

Figure 1: Spectral slope (0.5–1.5 kHz) results.
Error bars exhibit ± 1 standard error.

Figure 2: Alpha ratio results. Error bars exhibit ±
1 standard error.

Figure 3: Hammarberg index results. Error bars
exhibit ± 1 standard error.

Figure 4: HNR results. Error bars exhibit ± 1
standard error.
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spectral slope in the higher region showed a similar
tendency, whereas H1-A3 and HNR showed
opposite tendencies between the two studies.
However, this is not surprising because we cannot
identify our anime voice with Starr’s sweet voice for
the following two reasons. First, Starr’s sweet voice
characters and the characters we analyzed are
different. In Starr’s study, the sweet voice characters
included a mother, an older girl, and a student
council president while the non-sweet voice
characters included a lieutenant, a marine officer, a
princess, and a flight instructor. On the other hand,
in our study, more than half of the characters were
girls. Second, the two studies dealt with anime from
different generations. Starr focused on anime
produced in 1984 and 2005, whereas ours were
produced in 2014 and 2016. In our impression,
recent Japanese anime such as our targets are very
different from older anime in terms of voice quality.
For these two reasons, we consider that our targets
do not fit Starr’s sweet/non-sweet classification.
Interestingly, an acoustic analysis of a falsetto
voice showed that it had lower HNR than a modal
voice [7]. Although anime voices do not sound like
falsetto, it is possible that anime voices have some
similarities to falsetto voice.
Kawahara [6] analyzed the parameters pitch and
loudness. His study compared two types of anime
voices, “moe” and “tsun,” with normal speech. He
observed that the “moe” voice was higher (in terms
of pitch) and louder than a normal voice, whereas
the “tsun” voice was lower and quieter than a normal
voice. In our study, on average, the anime voice had
a higher pitch; however, we did not categorize voice
type such as “moe” and “tsun.” We speculate that
high pitch was extremely high and low pitch was
moderately low in anime compared with normal
speech; thus, average pitch appeared higher in anime
than in normal voice. Additionally, a loud voice and
a quiet voice may simply cancel each other out. In
any case, pitch and loudness were not observed to be
consistent parameters in characterizing anime voices.
It should be noted that we have limitations in
understanding the acoustic features of anime voices
from this preliminary study. Voice quality
parameters are affected by individual voice
differences and recording settings. Since the two
types of voice in this study came from different
groups of speakers in a relatively small sample size,
we cannot rule out individual bias. In addition, we
cannot rule out the influence of recording settings in
the two recording sources (anime and corpus). Our
next step needs a different approach to minimize
these biases.
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5. CONCLUDING REMARKS
Our voice quality analysis revealed that
contemporary Japanese anime voices were
characterized by a lower spectral slope, narrower F1
bandwidth, and lower HNR compared with normal
voices.
There are several possibilities regarding where
these characteristics originate. For example, they
might exist because of a seiyu’s voice control skills,
a seiyu’s original physical voice traits (i.e., people
with certain voice characteristics tend to become
seiyus), or both (i.e., anime voice is achieved
through physical voice talent and trained voice
control skills). Further research to examine these
possibilities could be realized through a withinspeaker study to compare normal and anime voices
by seiyus.
In addition, it is unclear whether the voice
characteristics identified in this study are also
observed in other countries’ cartoons and whether
they date back to past Japanese anime. If these
characteristics are observed in contemporary
Japanese anime only, another question arises of
whether Japanese anime developed in that manner,
which should be answered from interdisciplinary
perspectives.
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ABSTRACT
In Mandarin, the lower F0 a segment has, the creakier
it is likely to be [11]. In addition, creak is more
common in utterance-final position than in non-final
positions [12, 22]. In this study, we determine
whether creak in Mandarin is motivated by the
utterance-final position or by the relatively low F0 in
utterance-final position, and whether the effects of
utterance position and F0 differ by sentence type. An
acoustic study was conducted to test for the presence
and degree of creakiness in utterance-initial, medial,
and final positions in statements and questions. The
results confirm that, in Mandarin, low F0 motivates
creak. Controlling for F0, utterance-final position in
statements was creakier than non-final positions. In
questions, utterance-final position was more periodic
than non-final positions, but not creakier. This study
shows that in Mandarin, utterance position, F0, and
sentence type all have independent effects on creak.
Keywords: creak, F0, position, sentence type.
1. INTRODUCTION
Prototypical creaky voice is characterized by low F0,
glottal constriction, and aperiodic pulses [10]. On the
one hand, in tonal languages, creaky voice frequently
co-occurs with low tones (Cantonese [20]; Mandarin
[5, 11, 23]; Hmong [6]). On the other hand, creaky
voice can be independent of low F0; Jalapa Mazatec
[8] and Mpi [3] have creaky high tones, realized by
constricted glottis. Aperiodic voice does not require
low F0 either: the vocal folds vibration is so irregular
that there is no F0.
In Mandarin, utterance-final position was found to
be creakier than non-final positions [12, 22]. We ask
whether the creak in utterance-final position depends
on low F0. In Mandarin, F0 declines as the phrase
proceeds [17, 21]. Thus, utterance-final position is
likely to have a lower F0, which should also result in
a creakier quality than non-final positions.
Alternatively, creak could be independent of F0, and
may be associated with final position specifically to
indicate finality. This study seeks to determine
whether controlling for F0, utterance-final position is
still more constricted and irregular than non-final
positions.
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Additionally, the sentence type (e.g. a statement
vs. a question) may also have an independent effect
on the creak patterns across the utterances. Smith [19]
found that, in French, the voice quality in phrase-final
positions differs between statements and questions.
The question-final vowels were more periodic than
statement-final vowels, which was true for both
questions with a pitch fall and those with a pitch rise.
The author suggested that sentence type had an effect
on voice quality independent from F0. We propose
that the difference in voice quality between French
statements and questions can extend to Mandarin. In
[19], the author compared the voice quality of
statements with questions in utterance-final position.
However, the author did not compare the voice
quality of utterance-final position with non-final
positions within each sentence type while at the same
time controlling for F0. This study thus examines
whether the effect of utterance position differs
between different types of sentence controlling when
F0 is controlled for.
In sum, the research question of this study is: is it
the case that F0, utterance position, and sentence type
all have independent effects on the presence and the
degree of creak in Mandarin utterances? We
hypothesize that utterance position will have a
significant effect on the presence/degree of creak
independent from F0. Moreover, we test whether that
effect differs between statements and questions.
2. EXPERIMENT
2.1. Participants and Stimuli

We recruited 32 speakers who are native speakers of
Mandarin (mean age = 20.7, 25 women, 7 men). The
speakers did not report any listening or speech
disorder. They were asked to read a list of sentences
with target words /da/ in Mandarin falling Tone 4 at
the initial, medial, and final positions of sentences.
Tone 4 was chosen because, according to Kuang [11],
among the four tones of Mandarin, Tone 1 and Tone
2 seldom have creak. Tone 3 is almost always creaky,
while Tone 4 is creaky half of the time. So to increase
the variability of creak in the production, Tone 4 was
chosen.
The stimuli consisted of 16 target sentences
varying in length (short vs. long) and sentence type
(statement vs. question). The short sentences

contained 10-11 syllables while the long sentences
contained 17-20 syllables. We varied the length of
sentences in order to increase the variability of the
independent variable F0, which should lead to more
statistical power. Sentence length should affect F0
because the slope of F0 declination is steeper in
shorter than in longer sentences [15, 21]. It is likely
then that shorter sentences will have a lower final F0
than longer sentences.
In order to test the effect of sentence type
controlling for all other factors, questions were nearly
identical to the statements. A second-person subject
and/or an adverb were added to some of the questions
in order to make the questions more natural.
Questions also had an additional question particle
“ma” at the end of the sentences. Example 1
illustrates two sample sentences:
Example 1.1 Statement-short
大家觉得大礼堂不够大。

da4 jia1 jue3 de da4 li3 tang2 bu4 gou4 da4.
People think ballroom
not enough big
“People think that the ballroom is not big enough.”
Example 1.2 Question-short
大家觉得大礼堂不够大吗？

da4 jia1 jue3 de da4 li3 tang2 bu4 gou4 da4 ma?
People think ballroom not enough big Q
“Do people think the ballroom is not big enough?”

Each speaker produced 72 sentences in total (16
target sentences+8 fillers*3 repetitions). The stimuli
were grouped into three blocks. The order of the
sentences was randomized within each block for each
participant. The stimuli were displayed on a computer
screen using Psychopy [16]. The recording took place
in a sound booth. The productions were recorded at a
44.1 kHz sampling rate and a 32-bit quantization rate
using a Yeti microphone and Audacity [2].
2.2. Segmentation Criteria

All target words consisted of monosyllables
beginning with an unaspirated stop. The vowel of
each target word was segmented from its onset to
offset. The vowel onset was marked from the release
burst of the onset stop. When the target word was
followed by a word with an obstruent onset, the vowel
offset was segmented right before the stop closure or
the onset of frication of the following syllable. When
the target word was followed by a word with a
sonorant onset, the vowel offset was segmented when
the amplitude of the formants decreased. When the
target word was followed by a word without an onset,
the target vowel offset was labelled at end of formant
transitions for the next vowel. When the target word
occurred at the end of the utterance, the offset of the
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vowel was marked where the voice bar or the formant
ended, whichever came first.
2.3. Measuring Creak

The probability of creak was measured using a creaky
voice detector [4]. The creaky voice detector uses
various acoustic properties including H1*–H2*,
residual peak prominence, and pulse irregularities to
determine whether creak is present. It makes a binary
decision as to whether the sound is creaky every 10
ms. Kuang [12] showed that the detector is accurate
for Mandarin roughly 80% of the time. Following
[12], the probability of creak equalled the number of
“creaky” decisions divided by the number of 10-ms
intervals in the sound. For instance, if a given
segment was 100 ms long and was marked as creaky
in 10 positions, its probability of creak was 0.1.
The output from the creaky voice detector marks
the presence of creak, but does not indicate whether
the creak is characterized by low F0, glottal
constriction, aperiodicity, or a combination of those
features. Thus, F0, H1*–H2*, and HNR (harmonicsto-noise-ratio) of the vowel of each target word were
calculated automatically using VoiceSauce [18],
which outputs a value every millisecond over a target
interval. H1*–H2*, the difference in amplitude
between the first and second harmonics (corrected for
formant frequencies and bandwidths), is related to the
degree of vocal fold constriction: a lower value of
H1*–H2* is associated with a higher degree of
constriction [7]. HNR measures the degree of noise:
a lower HNR value represents a higher degree of
noise. Both low H1*–H2* and low HNR are
associated with creaky voice [7].
3. RESULTS
The results of each acoustic measure and the
probability of the creak were analysed using separate
linear mixed-effects models, implemented with the
lmer() function in the lmerTest package in R. All the
slopes and intercepts of the models were random at
the subject and the sentence level. The values of F0,
H1*–H2*, and HNR were transformed to z-scores to
eliminate differences in means among speakers and
avoid individuals with larger variance outweighing
those with smaller variance [1].
3.1. F0 Trends Within Utterances

To describe the F0 trend over the course of utterance,
we compared the F0 in different utterance positions
separately for statements and questions. Tokens with
an F0 larger than three standard deviations from the
speaker’s mean were excluded from the analyses. F0
was regressed on the utterance position with utterance

position as the fixed effect. For statements, F0
generally declined linearly from the utterance-initial
to the final position (F[1, 1136] = 108.764, p <. 0001).
In questions, utterance-initial position generally had
a higher F0 than the non-initial positions (F[1, 1143]
= 22.316, p = .003), but F0 did not differ between
utterance-medial and -final positions (F[1, 1143] =
.039, p = .845). Those results conform to the F0
pattern found in previous studies: in Mandarin, F0
falls in the final position in statements, but rises in the
final position of questions [9]. The rising contour in
the final position of questions counters declination, so
that the F0 remained steady from the medial to final
position. Figure 1 shows the F0 track of a statement
and a question produced by a male speaker. Figure 2
shows the average F0 by position in utterance for both
sentence types.
Figure 1: F0 contours of a sample statement (top)
and question (bottom).

arcsine value in order to satisfy the normality
distribution assumption of linear regression. Within
each model, utterance-final position was compared
with utterance-initial and -medial positions. The
alpha level was adjusted to .025 using a Bonferroni
adjustment.
In statements, F0 was not significantly related to
the probability of creak (F[1,1133] = 2.996, p = .094).
Controlling for F0, utterance-final position had a
significantly higher probability of creak than initial
position (F[1,1133] = 73.668, p < .0001) and medial
position (F[1,1133] = 139.098, p < .0001). In
questions, F0 was significantly negatively-related to
the probability of creak (F[1,1140] = 16.484, p =
.002). The higher the F0 was, the less likely it was for
the segment to have creak. Controlling for F0, the
probability of creak in utterance-final position did not
differ significantly from the initial position
(F[1,1140] = .063, p = .808) or from the medial
position (F[1,1140] = 4.482, p = .086). The
probability of creak in different utterance positions is
shown in Figure 3.
Figure 3: Probability of creak in different positions.

Figure 2: F0 in different utterance positions

3.3. Acoustic Parameters

H1*–H2* and HNR were regressed on F0 and the
utterance position for statements and questions
separately. F0 and utterance position were included
as fixed effects. Tokens with H1*–H2* or HNR larger
than three standard deviations from the speaker’s
mean were excluded from the analysis of H1*–H2*
or HNR. Since H1*–H2* was calculated based on F0,
F1, and F2, tokens with F0, F1, or F2 larger than three
standard deviations from the speaker’s mean were
also excluded from the analysis of H1*–H2*. Within
each model, utterance-final position was compared to
utterance-initial and -medial positions (alpha = .025).

3.2. Probability of Creak

The probability of creak was regressed on F0 and
utterance position for statements and questions
separately, with F0 and utterance position as fixed
effects. The probability of creak was adjusted to its
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3.3.1. H1*–H2*
In statements, a lower H1*–H2* was associated with
lower F0 values (F[1,1133] = 47.142, p < .0001). The

H1*–H2* of utterance-final positions was not
distinctively different from initial (F[1,1133] = 2.039,
p = .179) or medial positions (F[1,1133] = 2.381, p =
.132). In questions, a lower H1*–H2* was associated
with lower F0 values as well (F[1,1139] = 36.409, p
< .0001). H1*–H2* of utterance-final position was
not significantly different from initial position either
(F[1,1139] = .854, p = .362). Utterance-final position
had a marginally higher H1*–H2* than the medial
position (F[1,1139] = 4.657, p = .056). Figure 4
shows the average H1*–H2* by position in utterance
for both sentence types.
Figure 4: H1*–H2* in different utterance positions.

3.3.2. HNR
In statements, a lower HNR was associated with
lower F0 values (F[1,1133] = 17.733, p = .007).
Utterance-final position had lower HNR than
utterance-initial position (F[1,1133] = 34.492, p <
.0001) and medial position (F[1,1133] = 69.723, p <
.0001). In questions, a lower HNR was also
associated with lower F0 values (F[1,1140] = 19.483,
p = .0001). Conversely from statements, in questions,
utterance-final position had higher HNR than both
utterance-initial position (F[1,1140] = 37.161, p <
.0001) and utterance-medial position (F[1,1140] =
34.881, p < .0001). Figure 5 shows the average HNR
by position in utterance for statements and questions.
Figure 5: HNR in different utterance positions.
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4. DISCUSSION
Overall, the results demonstrate that, in statements
and questions, a lower F0 is associated with a higher
degree of vocal fold constriction (as indexed by lower
H1*–H2*) and a noisier quality (as indexed by lower
HNR). Together, this suggests that lower F0 is
associated with creak, in accordance with [11].
Moreover, the effect of utterance position differs
between statements and questions. Controlling for F0,
final position of statements is likelier to have creak.
However, the probability of creak does not
significantly increase at the end of questions. The
acoustic results of creak accord with the creak
probability. In statements, utterance-final position is
noisier than non-final positions, even controlling for
F0. Conversely, utterance-final position in questions
is less noisy (more periodic) than non-final positions,
controlling for F0.
The results also suggest that, in Mandarin
statements, creak may signify finality. However, in
questions, the final positions are not creakier than
non-final positions. Thus, creak may not act as a
general marker of utterance finality. Those findings
are in accordance with the findings in French [19].
There are several limitations to the current study;
it tests a single segment /da/ in Mandarin. In addition,
it tests a single type of question—namely,
confirmation questions with a “ma” question particle.
Yet there are several additional types of questions in
Mandarin [13, 14]. Follow-up studies are currently
underway to test more segments and look into
whether the voice quality pattern of “ma” questions
also applies to other types of questions. More
specifically, we seek to determine whether other
types of questions are also less creaky at final
positions than non-final positions.
5. CONCLUSION
Low F0 induces creak in Mandarin for both
statements and questions. But when controlling for
F0, final positions have a creakier quality than nonfinal positions in statements, suggesting that the
statement-final creak serves a pragmatic motivation.
In contrast, controlling for F0, final position in
questions is not creakier than non-final positions. F0
is still the major source of creak in Mandarin
questions, at least for those that employ the particle
“ma.” In summary, F0, utterance position, and
sentence type all have independent effects on creak in
Mandarin.

6. REFERENCES
[1] Al Shalabi, L., Shaaban, Z., Kasasbeh, B. 2006.
Data mining: A preprocessing engine. Journal of
Computer Science, 2, 735-739.
[2]
Audacity
computer
software.
2018.
https://audacityteam.org/.
[3] Blankenship, B. 2002. The timing of nonmodal
phonation in vowels. Journal of Phonetics, 30,
163-191.
[4] Drugman, T., Kane, J., Gobl, C. 2014. Data-driven
detection and analysis of the patterns of creaky
voice. Computer Speech & Language, 28, 12331253.
[5] Davison, D. 1991. An acoustic study of so-called
creaky voice in Tianjin Mandarin. UCLA Working
Papers in Phonetics, 78, 50-57.
[6] Garellek, M. 2012. The timing and sequencing of
coarticulated non-modal phonation in English and
White Hmong. Journal of Phonetics, 40, 152-161.
[7] Garellek, M. 2019. The phonetics of voice. In:
Katz, W., Assmann P. (eds), The Routledge
Handbook of Phonetics. In press.
[8] Garellek, M., Keating, P. 2011. The acoustic
consequences of phonation and tone interactions
in Jalapa Mazatec. JIPA, 41, 185-205.
[9] Ho, A. 1977. Intonation variation in a Mandarin
sentence for three expressions: interrogative,
exclamatory and declarative. Phonetica. 34, 446457.
[10] Keating, P., Garellek, M., Kreiman, J. (2015,
August). Acoustic properties of different kinds of
creaky voice. Proc. 18th ICPhS Glasgow.
[11] Kuang, J. 2017a. Covariation between voice
quality and pitch: Revisiting the case of Mandarin
creaky voice. J. Acoust. Soc. Am. 142, 1693-1706.
[12] Kuang, J. 2017b. Creaky voice as a function of
tonal categories and prosodic boundaries. Proc.
Interspeech 2017, 3216-3220.
[13] Li, C., Thompson, S. 1989. Mandarin Chinese:
A functional reference grammar. Berkeley and
Los Angeles: University of California Press.
[14] Liing, W. 2014. How to ask questions in
Mandarin Chinese. New York: CUNY Academic
Works.
[15] Maeda, S. 1976. A characterization of American
English intonation Cambridge, MA: MIT.
[16] Peirce, J. 2007. PsychoPy—psychophysics
software in Python. Journal of neuroscience
methods, 162, 8-13.
[17] Shih, C. 1997. Declination in mandarin. Proc.
Intonation: Theory, Models and Applications 1997
Athens, 293-296.
[18] Shue, Y.-L., P. Keating, C. Vicenik,
K. Yu (2011) VoiceSauce: A program for voice

1862

analysis, Proc. 17th ICPhS Hong Kong, 18461849.
[19] Smith, C. 2002. Prosodic finality and sentence
type in French. Language and Speech, 45, 141178.
[20] Yu, K., Lam, H. 2014. The role of creaky voice
in Cantonese tonal perception. J. Acoust. Soc.
Am., 136, 1320-1333.
[21] Yuan, J., Liberman, M. 2014. F0 declination in
English and Mandarin broadcast news
speech. Speech Communication, 65, 67-74.
[22] Zhang, H. 2016. Boundary effects on allophonic
creaky voice: A case study of Mandarin lexical
tones. Proc. 5th Tonal Aspects of Languages
Buffalo, 94-98.
[23] Zheng, X. 2006. Voice quality variation with
tone and focus in mandarin. Proc. 2nd Tonal
Aspects of Languages La Rochelle, 132-136.

PERCEPTION OF CODA VOICING: GLOTTALISATION, VOWEL
DURATION, AND SILENCE
Joshua Penney, Felicity Cox, and Anita Szakay
Centre for Language Sciences, Department of Linguistics, Macquarie University, Australia
joshua.penney@mq.edu.au; felicity.cox@mq.edu.au; anita.szakay@mq.edu.au

ABSTRACT
Recent research from Australian English has shown
that glottalisation of vowels preceding coda stops
results in increased perception of coda voicelessness.
However, the addition of glottalisation results in a
shorter portion of the vowel being modally voiced,
raising the question of whether listeners may parse
glottalisation as belonging to the coda rather than the
preceding vowel. If so, listeners would perceive a
shorter preceding vowel duration therefore
increasing the perception of coda voicelessness.
This study thus compared listeners' coda voicing
responses for words containing glottalised vowels
with words containing vowels in which glottalisation
was replaced with silence. The results suggest that
both glottalisation and shorter vowel duration/longer
coda closure duration result in increased voiceless
percepts, but that listeners respond differently to
these two conditions. The findings indicate that
listeners are sensitive to glottalisation and utilise this
as a cue to coda voicing rather than simply
perceiving shorter modally voiced vowels.
Keywords: Glottalisation; coda stop voicing; vowel
duration; closure duration.
1. INTRODUCTION
Glottalisation occurs in conjunction with voiceless
coda stops in many varieties of English [5, 6, 8, 15,
18, 19], including Australian English (AusE), where
it has been shown to be present 55% of the time in
voiceless coda stop contexts compared to 6% in
voiced coda contexts [12]. Glottalisation may be
realised by the insertion of a glottal stop prior to an
oral stop, though in AusE it is most often manifested
as irregular, laryngealised phonation (i.e. creaky
voice) on the end of the vowel preceding a coda
stop.
Some
researchers
hypothesise
that
glottalisation is employed in association with
voiceless coda stops in order to enhance the
perception of voicelessness [9, 15], as glottalisation
appears to be more common when voiceless coda
stops precede sonorants, an environment in which
anticipatory coarticulatory voicing is likely [8, 16].
The inclusion of glottalisation may minimise the
likelihood of anticipatory voicing.
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Recent studies have analysed whether listeners
are sensitive to glottalisation in perception. In an eye
tracking study, [3] found that American English
listeners were slower to identify words with voiced
coda stops when glottalisation was present, though
they reacted similarly for words with voiceless codas
regardless of whether glottalisation was present or
absent. This suggests that listeners are sensitive to
glottalisation and associate it with voiceless, but not
voiced, coda contexts.
[13] conducted a perceptual task with AusE
listeners in which preceding vowel duration and
glottalisation were co-varied. They found that
listeners identified a higher proportion of voiceless
stops when glottalisation was present, suggesting
that glottalisation has the effect of promoting the
perception of coda voicelessness. This effect was
found to be stronger for inherently short vowels (e.g.
/ɐ/ STRUT) than for inherently long vowels (e.g. /ɐː/
START). Inherently short vowels have been shown to
display smaller durational differences across coda
voicing contexts than inherently long vowels in
production [4, 12]. Therefore, the vowel duration
cue to coda voicing may not be as strong in the
context of inherently short vowels and, accordingly,
glottalisation may be a stronger cue in this context
[14]. Importantly, the effect of glottalisation
promoting the perception of coda voicelessness was
found even when listeners were presented with a
preceding vowel with an extended duration, which
would otherwise produce the percept of coda voicing
[2, 11, 17].
As glottalisation necessarily results in non-modal
phonation affecting the vowel preceding the coda
stop, it may be possible that listeners in [13] did not
parse the glottalised portion of the vowel as
belonging to the vowel. That is, listeners may have
used only the modally voiced vocalic portion in their
perception of stimulus voicing. In other words,
listeners would have perceived a shorter vowel
duration when glottalisation was present compared
to when it was absent. As shorter preceding vowels
produce the percept of voiceless coda stops [2, 11,
17], an increase in the proportion of voiceless
responses would be expected. In addition, if the
glottalisation were interpreted as part of the coda
stop closure, this too would be consistent with
increased perception of coda voicelessness because

manipulated to fall from 265 to 203Hz across each
of the vowels. We then manipulated the duration of
the vowels. For each of the four tokens we created a
continuum of nine equally spaced vowel duration
steps. The minimum and maximum durations were
determined by production values for the relevant
vowels reported in [12] for young female AusE
speakers. The mean minus two standard deviations
preceding a voiceless coda was the minimum
duration, and the mean plus two standard deviations
preceding a voiced coda was the maximum duration.
Figure 1: Spectrograms of ninth-step (i.e. longest
vowel duration) ‘bud’ stimuli. Upper panel shows
control condition; middle panel shows glottalised
condition; lower panel shows silence condition.
5000
4000

Frequency (Hz)

increased closure duration is associated with
voiceless coda stops [7, 10].
Thus, the aim of this study is to investigate
whether listeners are perceptually sensitive to
glottalisation itself or whether they parse
glottalisation as part of the closure and,
consequently, respond to the shorter (modally
voiced) vowels when perceiving coda voicing. We
will examine whether listeners react in the same way
to glottalised stimuli as they do to stimuli in which
the glottalised portion is replaced with silence,
thereby reducing vowel duration and increasing
closure duration. If listeners do parse glottalisation
as belonging to the coda and hence are sensitive to
shorter preceding vowel duration rather than
glottalisation, we would hypothesise that the
inclusion of both glottalisation and of silence would
provide the same results. On the other hand, if
listeners are perceptually sensitive to the glottalised
portion of the vowel, we would expect increased
perception of coda voicelessness when glottalisation
is present compared to silence.

3000
2000
1000
5000

2. METHOD

We enlisted 51 participants	
  (female: 46; male: 5) to
take part in this task. All were undergraduate
students who received course credit for participating.
Participants were aged between 18 and 23 years
(mean: 19.5) and were native AusE speakers, who
were born in and completed all of their schooling in
Australia. No participant reported any speech or
hearing issues.

3000
2000

5000
4000

The stimuli were created from natural speech tokens
of the words bead, bid, bard, and bud produced by a
non-rhotic female native AusE speaker aged 25.
Recordings were made in a sound treated studio at
Macquarie University with an AKG C535 EB
microphone and a Presonus StudioLive 16.2.4 AT
mixer recorded to an iMac at a sampling rate of
44.1kHz. The speaker produced the target words
with modal phonation, and also produced sustained
realisations of each of the relevant vowels with
laryngealised phonation from which glottalised
stimuli were created.
Cues to coda voicing were removed: release
bursts were replaced with a perceptually ambiguous
burst taken from a low amplitude voiced coda stop
from an unstressed syllable; F1 formant transitions
at the end of the vowels were removed; intensity
contours were manipulated to ensure uniformity;
closure periods were replaced with silence; F0 was
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A second set of stimuli was then created for the
glottalised condition. This set was identical to the
first set of stimuli, with the exception that the final
portion of the vowel in each token was replaced with
glottalisation taken from the sustained vowels
produced with laryngealised phonation, resulting in
a drop in F0. The final 35% of the vowel was
replaced with glottalisation for inherently short
vowels, and the final 25% was replaced for
inherently long vowels, as reported for production in
[12].
Finally, a third set of stimuli was produced for
the silence condition. This set was identical to the
glottalised set of stimuli, except that the glottalised
portion of the vowel (final 35% for inherently short
vowels; final 25% for inherently long vowels) was
replaced with silence. This also resulted in a
truncated F0 contour.
Figure 1 illustrates the ninth step of the bud

continuum in each of the three conditions (control,
glottalised, silence). The modally voiced portion of
the vowel in the glottalised condition is the same
duration as the vowel in the silence conditions. Note
that the overall stimulus duration remains the same
in all three conditions.
2.3. Procedure

Participants undertook the perception task in a sound
attenuated room, using an Apple MacBook Air
notebook computer and Sennheiser HD 380 Pro
headphones. This was a two-alternative forced
choice identification task, in which participants were
presented with orthographic representations of
minimal pairs differing only in coda stop voicing
(e.g. bard/bart) on the computer screen. The task
was to select the word corresponding to the single
word audio stimulus. For each stimulus cycle a
fixation cross was displayed on the screen for 600
milliseconds, followed by the orthographic
presentation of a minimal pair, with one word
displayed on the left hand side of the screen and the
other on the right hand side (counterbalanced by
block and participant). An audio stimulus item was
then presented through the headphones after 500
milliseconds and the participant selected by key
press the word that they heard. The next cycle then
began after the participant’s response.
Participants were presented with three repetitions
of a nine-step continuum in each of the three
conditions for four vowels (/iː, ɪ, ɐː, ɐ/) with each
vowel continuum presented in a separate block
resulting in 324 responses per participant. We here
report on a subset of the data comprising the low
vowel contexts (/ɐː, ɐ/; 162 responses per
participant).
2.4. Analysis

Using lme4 [1], we fitted a generalised linear mixed
effects model (GLMER) with the dependent variable
listener response, and fixed factors continuum step
(short to long vowel duration), condition
(control/glottalised/silence), inherent vowel length
(short/long), as well as all two- and three-way
interactions between the fixed factors. Random
intercepts were included for participant and random
slopes were included for all factors by participant.
3. RESULTS
Figure 2 illustrates the proportion of participants’
responses for voiced coda stops at each step of the
continua across the three conditions. As can be seen,
the results of the control condition confirm previous
findings that AusE listeners utilise vowel duration as

1865

a cue to coda stop voicing: when vowel duration is
short (i.e. in the lower steps of the continuum),
listeners produce a high proportion of voiceless coda
stop responses. As vowel duration increases, so too
does the proportion of responses for voiced coda
stops [13, 14]. In the glottalised condition the results
also mirror what has been previously reported:
namely, that the presence of glottalisation at the end
of the vowel results in an increase in the proportion
of voiceless responses [13, 14]. It can be seen in
Figure 2 that in the glottalised condition the
proportion of voiced responses is lower than in the
control condition. Furthermore, it is evident from
Figure 2 that in the silence condition, in which the
glottalised portions have been set to silence, there is
also an increase in voiceless coda percepts,
consistent with our prediction that shorter preceding
vowel/longer coda closure duration would increase
voiceless coda responses. Importantly, although both
experimental conditions show an increase in
voiceless coda responses, the proportion of
responses differs between the glottalised and the
silence conditions, with more voiceless responses in
the glottalised condition than in the silence
condition.
The results of the mixed model showed
significant effects for continuum step (χ2 (1) =
176.67, p < 0.0001), demonstrating that as vowel
duration increased listeners produced more voiced
responses, and condition (χ2 (2) = 130.72, p <
0.0001), confirming the differences between
responses across the three conditions. There was
also a significant two-way interaction between
condition and inherent vowel length (χ2 (2) = 32.77,
p < 0.0001), indicating differences between the
conditions for the two vowel contexts (i.e. bard and
bud). Post-hoc tests revealed that the control
condition differed significantly from the other two
conditions for both vowel contexts (all p < 0.0001).
The glottalised and silence conditions also differed
from one another in both vowel contexts, but the
difference was greater in the short vowel context (p
< 0.0001) than in the long vowel context (p =
0.0113).
4. DISCUSSION
The results presented above confirm previous
findings that AusE listeners use vowel duration to
cue coda stop voicing [13, 14]. Shorter preceding
vowels are associated with voiceless coda stops and
longer preceding vowels are associated with voiced
coda stops. In addition, the presence of glottalisation
promotes the perception of coda voicelessness, as
seen by the higher proportion of responses for
voiceless codas in the glottalised condition. As has

previously been found [13, 14], the effect of
glottalisation producing increased voiceless coda
percepts was visible even in the presence of
extended preceding vowel duration, which is
otherwise a strong cue to a voiced coda stop. Note
that these results differ from findings for American
English listeners: [3] found that the presence of
glottalisation resulted in slower identification of
voiced codas, but they did not find it improved
listeners’ perception of coda voicelessness.
Nevertheless, they concluded that American English
listeners are sensitive to glottalisation and associate
it with voiceless rather than voiced codas, as appears
to be the case for AusE listeners.
Figure 2: Proportion of voiced coda responses in
control (solid lines), glottalised (dashed lines), and
silence (dotted lines) conditions.

facilitates the increased perception of coda
voicelessness. It is possible that listener responses
may also have been affected by the F0 differences in
these conditions. This feature will be examined in
future work.
We also found that the difference between
glottalisation and silence was more pronounced in
the inherently short vowel context than in the
inherently long vowel context. [14] previously found
that the effect of glottalisation in promoting the
perception of coda voicelessness was stronger for
inherently short vowels, and it appears that this is
driving the difference in our data here as well.
Figure 2 shows that in the glottalised condition for
the inherently short vowel context (bud) the
proportion of voiced responses remains below 50%,
even at the highest steps of the continuum where
vowel duration is at its longest and hence should
serve as a strong cue to a voiced coda. As discussed
above, vowel duration has been shown to differ less
between voiced and voiceless coda contexts for
inherently short vowels than for inherently long
vowels in AusE [4, 12]. That is, coda voicing related
vowel duration differences are greater for inherently
long vowels, such as /ɐː/, than they are for inherently
short vowels, such as /ɐ/. Thus, it may be that
glottalisation is a stronger perceptual cue to
voicelessness for inherently short vowels as the
vowel duration cue is less reliable in this context.
5. CONCLUSION

Although setting the glottalised portions of the
vowels to silence also resulted in an increase in
voiceless responses, this was shown to be
significantly different from the effect of
glottalisation, with glottalisation producing a
stronger effect compared to silence (see Figure 2).
This provides strong evidence that listeners are
sensitive to the glottalisation itself, and do not parse
glottalisation as belonging to the coda. If it were the
case that listeners heard a shorter vowel (i.e. the
modally voiced portion of the glottalised vowel) and
perceived the glottalisation as part of a longer coda,
then the stimuli in the glottalised condition should
have elicited the same responses as the stimuli in the
silence condition. The results here suggest that
listeners do perceive the glottalisation and that this
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This study confirmed previous findings that AusE
listeners utilise vowel duration as a cue to coda stop
voicing, and that the presence of glottalisation
results in increased perception of coda voicelessness.
In addition, we showed that shortening the preceding
vowel/lengthening the coda closure by the same
duration as the glottalisation also results in an
increase in responses for voiceless codas. Although
both of these conditions resulted in increased
perception of coda voicelessness, glottalisation was
found to be a stronger cue than the shortened vowel
alone, particularly in the context of an inherently
short vowel. These results indicate that listeners are
sensitive to glottalisation and do not simply perceive
shorter modally voiced vowels when glottalisation is
present in the signal.
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ABSTRACT
Acoustically and articulatorily, consonantal (Cʱ) and
vocalic (V̤ ) breathiness can be described using many
of the same correlates. In Gujarati, which has both
(e.g. /baɾ/ ‘twelve’, /ba̤ ɾ/ ‘outside’, /bʱaɾ/ ‘burden’),
breathiness is realized through greater spectral tilt,
lower periodicity in the signal, and a higher open
quotient; only the timing and magnitude of these
features distinguish consonantal from vocalic
breathiness. We explore whether native listeners
distinguish breathiness from modal voice, and
whether they can further distinguish breathy vowels
(e.g. /ba̤ ɾ/) from vowels following breathy-voiced
consonants (e.g. /bʱaɾ/). Results from free sorting, AX
discrimination, and picture matching indicate that
listeners can distinguish breathy from modal voice
but cannot distinguish breathy vowels from vowels
following breathy consonants. This suggests that
speakers produce three-way distinctions of
breathiness, but perceive breathiness as a binary.
Keywords: breathiness, voice quality, perception,
free sort, Gujarati.
1. INTRODUCTION
Crosslinguistically, breathiness can be described
using the same acoustic and articulatory correlates
regardless of association to a vowel (V̤ ) or to a
consonant (Cʱ) [1]. And, while many languages
contrast breathy phonation either on obstruents as in
Hindi [2, 3], Bengali [4], and Marathi [5] or on
vowels as in many Zapotec languages [6, 7, 8], few
languages preserve this contrast across obstruents and
vowels. This distinction appears to be limited to some
Khoisan languages (e.g. !Xóõ [9], Juǀ’hoansi [10]),
White Hmong [11], and Gujarati [11].
This paper explores whether Gujarati listeners
distinguish breathy Vs (CV̤ e.g. /ba̤ ɾ/ ‘outside’) from
vowels following breathy (i.e. voiced-aspirated) Cs
(CʱV e.g. /bʱaɾ/ ‘burden’). Previous research [12]
demonstrates that the timing and degree of acoustic
cues are important in distinguishing this contrast in
Gujarati: vowels following breathy consonants (CʱV)
are characterized by a short initial period of intense
breathiness, while breathy vowels (CV̤ ) have a stable,
more moderate breathiness throughout. Perceptually,
Gujarati speakers reliably distinguish breathy vowels
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from modal vowels in Gujarati stimuli [11, 12], but
here we ask: can listeners also leverage the
differences in timing and degree of breathiness in
order to reliably distinguish breathy consonants
[CʱV] from breathy vowels [CV̤ ]?
2. METHODS
Three tasks (free sort, AX discrimination, picturematching identification, described in 3.1–3.3)
investigated the perception of CV, CʱV, and CV̤
sequences by native Gujarati listeners. Task order
was not randomized, as the identification task
imposed predetermined categories on listeners. To
minimize any segment-specific or gender effects,
stimuli consisted of a minimal triplet (Table 1)
produced by four native speakers, all women from
Mumbai between the ages of 22–30.
Table 1: Stimulus list.

Breathy V

બહાર

ba̤ ɾ

‘outside’

Breathy C

ભાર

bʱaɾ

‘burden’

All modal

બાર

baɾ

‘twelve’

Stimuli were extracted from [12], in which speakers
were asked to produce (as many times as possible
within a 10s window) a sentence of their own creation
beginning with the stimulus word. (This method
helped mitigate the effects of careful speech and
spelling pronunciation on breathy Vs described in
[11]; we double-checked to confirm that all breathy V
tokens used in the current study were produced as
monosyllabic [ba̤ ɾ] and never as disyllabic [bəhaɾ].)
Two repetitions of each stimulus were used, for a total
of 24 tokens (3 stimuli X 2 reps X 4 talkers). Six
native Gujarati listeners participated, four male
listeners in their mid-20s and two female listeners
(one 25 yrs, one 52 yrs).
3. RESULTS
3.1. Free sort task

The free sort task [13] investigated whether listeners
independently proposed three target categories ([baɾ],

[bʱaɾ], [ba̤ ɾ]) when presented with a screen containing
24 numbered icons arranged randomly (Fig. 1a) and
asked to categorize them by arranging them into
groups (see sample outcome in Fig. 1b). Icons
corresponded to one of the 24 audio stimuli, and
played when clicked.
Figure 1: Free sort setup (a), sample outcome (b)

To avoid experimenter-imposed biases, listeners had
absolute freedom over how to categorize items and
how many categories to propose, and so a purely
descriptive report of the outcomes is most
informative. The three response patterns included (i)
pairing token and speaker, (ii) separating breathy Cs
from all other tokens, and (iii) groupings that were
less interpretable.
Figure 2: Re-coded outcomes for two response
patterns. Two listeners grouped by speaker and
token-type with high accuracy (a); two created one
group of breathy consonant items and a second
group of plain and breathy vowel tokens (b).

(a)

3.2. Discrimination task

The discrimination task probed how accurately
listeners can distinguish pairs of target words. In one
sense, this task most directly addresses the issue of
perceiving differences between CV, CʱV, and CV̤
sequences: while in other perceptual tasks listeners
may categorize stimuli first and then compare
categories rather than stimuli, a discrimination task
encourages listeners to compare the stimuli directly
[15]. Items were presented in a classic AX task. In the
trials, participants heard two of the 24 stimuli in
succession and indicated whether the two words were
‘same’ or ‘different’. No trial included two words
from the same speaker, so there were 54 unique AX
pairings. All pairings were played in both orders, for
a total of 108 randomly ordered trials. The three
categories of stimuli included the fully modal [baɾ]
(“M”), breathy C [bʱaɾ] (“C”), and breathy V [ba̤ ɾ]
(“V”). “SAME” trials paired items within class (MM,
CC, VV); “DIFFERENT” trials paired items across
class (MC, MV, CV). In the crucial trials are CV
([bʱaɾ] vs. [ba̤ ɾ]), which reveal whether the two types
of breathy stimuli are reliably distinguished. Overall
accuracy by trial-type is presented in Fig. 3.
Figure 3: Mean accuracy in AX discrimination. * =
responses significantly different from chance.

(b)

Listeners 1 and 2 paired stimuli by both token and
speaker, yielding 12 groups (Fig. 2a); Listener 1 was
highly accurate in this pattern, Listener 2 less so.
Listeners 3 and 4 formed two unique groups (see Fig.
2b), one a well-defined [bʱaɾ] category and the other
combining [baɾ] and [ba̤ ɾ]. This result suggests
overlap in the fully modal [baɾ] and breathy vowel
[ba̤ ɾ] categories. Listener 5 created three groups,
possibly intended to represent the three categories of
stimuli: each consisted of a majority of one type of
stimuli, but all were mixed and contained at least one
member of each of the three stimuli types. The most
consistent group was breathy consonants [bʱaɾ],
indicating that these are the least confusable type of
stimuli. Listener 6 created seemingly unstructured
groups, highlighting that problems can arise in a task
with so few guidelines.
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Chi-square tests compared the accuracy of each trial
type to chance (here: 50%). Listeners correctly
identified MM and CC trials as the same, performing
significantly above chance (p < .0001), and reliably
identified these stimulus pairs as different in MC
trials (p < .0001), but were not above chance in the
target CV trials differentiating [bʱaɾ] from [ba̤ ɾ] (p =
.1136). Breathy V [ba̤ ɾ] stimuli were problematic in
general. In VV trials, listeners identified two breathy
vowel stimuli as being the same at just 61.1%
accuracy, not significantly above chance (p = .0593).
In MV trials ([baɾ] vs. [ba̤ ɾ]), their accuracy of 31.9%
was significantly below chance (p < .0001), meaning
participants were reporting them to be the same.

3.3. Identification task

4. DISCUSSION

The identification (ID) task sought to determine
overlap between categorization of the target words.
Unlike the previous tasks, in the ID task categories
were defined by the experimenters. Listeners heard an
audio stimulus and saw an image simultaneously, and
were asked whether the image represented the lexical
item in the audio. Like the discrimination task, there
were SAME trials, wherein the audio and image
matched, and DIFFERENT trials, where they did not.
Mean accuracy rates are in Table 2. An asterisk
indicates a result that differs significantly from
chance (here: 50%).
Table 2: Percentage SAME response in ID task. In
shaded cells, audio and picture matched (correct
answer: “same”). In unshaded cells, audio and
picture differed (correct answer: “different”).
Greater accuracy is indicated by high values in
shaded boxes and low values in unshaded boxes.
Asterisks indicate response rates that differ
significantly from chance (50%).

The trend here is similar to the discrimination task. In
SAME trials, listeners accurately identified that the
image and audio matched for fully modal [baɾ]
‘twelve’ and for breathy consonant [bʱaɾ] ‘burden’,
but were not above chance in doing the same for
breathy vowel [ba̤ ɾ] ‘outside’.
In DIFFERENT trials, listeners identified with
above-chance accuracy the mismatch between the
image for /bʱaɾ/ ‘burden’ and the audio of both [ba̤ ɾ]
and [baɾ]. However, listeners did not perform
significantly differently from chance when given the
image for /ba̤ ɾ/ ‘outside’, regardless of the audio.
Most interestingly, the mismatch between the image
for /baɾ/ ‘twelve’ and the audio [bʱaɾ] was identified
with above-chance accuracy, but that same image was
also identified as a match with the audio [baɾ], with
above-chance (in)accuracy. That is, listeners
correctly indicated that the audio [ba̤ ɾ] did not
correspond with the image for /baɾ/ ‘twelve’ only
30% of the time; the other 70% of the time they
reported that the audio and image matched. And, with
a response rate significantly below chance (p =
.0114), this means they were not guessing, rather they
were asserting that the breathy vowel audio
corresponded with the image of the fully modal word.
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Two results are important to highlight here: (1) the
inability of listeners to discriminate between [ba̤ ɾ]
with a breathy vowel and [bʱaɾ] with a breathy
consonant; and (2), the inability of listeners to reliably
identify that [bʱaɾ] with a breathy consonant does not
correspond with the image for /ba̤ ɾ/ ‘outside’ with a
breathy vowel. Both results suggest that breathy
consonant and breathy vowel sequences are not
reliably differentiated by listeners.
The discrimination task most directly addressed
the salience of the difference between any two
categories. Presentation of two audio stimuli in
immediate succession should cause listeners to
compare their acoustic properties without having to
categorize them phonologically [15]. Yet, listeners’
responses suggest that the acoustic differences
between /bʱaɾ/ with a breathy consonant and /ba̤ ɾ/
with a breathy vowel are not sufficiently robust:
listeners deemed these stimuli “different” at chance.
In the ID task listeners were willing to identify
breathy consonant [bʱaɾ] audio as corresponding to
images of breathy vowel /ba̤ ɾ/ ‘outside’ but unwilling
to do the inverse, i.e. identify breathy vowel [ba̤ ɾ]
audio stimuli as corresponding to images of breathy
consonant /bʱaɾ/ ‘burden’. This is likely due to two
factors: the robust breathiness associated with the
offset of breathy consonants, plus an unexpected
ambiguity as to its association. That is to say, listeners
reliably identify the phonetic presence of breathiness
in [bʱaɾ] audio, but are willing to assign it to either the
consonant or the vowel, so it is deemed an acceptable
realization of either /bʱaɾ/ or /ba̤ ɾ/. This supports both
the hypothesis that the two types of breathy stimuli
are not well distinguished, and that vocalic
breathiness is weakly cued.
Listeners were also at chance when provided with
a matched pair (SAME) of breathy vowel audio and
image in the ID task, and when presented with two
breathy vowel stimuli in the AX task, suggesting that
the breathiness associated with vowels is variable in
a way that consonant breathiness is not: listeners do
not reliably perceive breathiness in the breathy vowel
stimulus [ba̤ ɾ], and are therefore unwilling to consider
such stimuli as realizations of a word that should have
robust breathiness, i.e. breathy consonant /bʱaɾ/. The
confusion runs in only one direction, though: breathy
consonant [bʱaɾ] can be mistaken as a realization of
underlying breathy vowel /ba̤ ɾ/, but not vice versa.
Rather, listeners more consistently accepted breathy
vowel [ba̤ ɾ] audio stimuli as realizations of an image
representing underlying all-modal /baɾ/.
These findings suggest that breathy vowel [ba̤ ɾ] is
rarely identified as breathy consonant /bʱaɾ/ because
vocalic breathiness is so subtle it will more likely pass

for all-modal /baɾ/ (cf. [14]). The free sort results also
indicate an increased probability of overlap between
breathy vowel [ba̤ ɾ] and all-modal [baɾ], which were
put into a single group by some listeners while
breathy consonant [bʱaɾ] tended to remain distinct
across all response patterns. And in the discrimination
task, performance was below chance in trials
involving all-modal and breathy vowel stimuli,
indicating that listeners reliably consider breathy
vowel stimuli and all-modal stimuli to represent the
same word. If all-modal [baɾ] can serve as a
realization of underlying breathy vowel /ba̤ ɾ/,
listeners may reliably hear the difference between
stimuli of each type yet consider them acceptable
variants of the same word.
For the ID task results to be consistent with the
hypothesis that /CV̤ / can be realized as [CV] but not
vice versa, listeners should identify all-modal audio
[baɾ] as a match with an image representing breathy
vowel /ba̤ ɾ/ ‘outside’. The results are mixed, as
listeners did not perform significantly different from
chance in this specific pair. Interestingly, the inverse
pattern did occur, however: the breathy vowel audio
[ba̤ ɾ] was reliably identified as a match with the image
for all-modal /baɾ/ ‘twelve’. The weak breathiness in
the breathy V audio was not salient enough to prevent
listeners from identifying the word as fully modal.
We argue these results can be explained as an
effect of inadequate cues to vocalic breathiness. We
propose that breathiness functions like other
continuous variables that are perceived categorically
(e.g. VOT), cued by a suite of continuous variables
representing spectral tilt, spectral balance, and noise.
If the strength of the acoustic cues for breathy vowels
lies near the perceptual threshold between breathiness
and modality but those for breathy consonants do not,
the breathiness of breathy consonant stimuli (CʱV)
should be easily identifiable while that of breathy
vowel stimuli (CV̤ ) should be more ambiguous.
Breathy consonants are sufficiently breathy so as to
pass for either breathy consonants (CʱV) or vowels
(CV̤ ), while breathy vowels are insufficiently breathy
and can thus pass for fully modal sequences (CV).
Our proposal is schematized in Fig. 4. The vowel after
a breathy consonant (CʱV) is represented with intense
breathiness at first before a gradual decrease, and
sequences of modal consonant and breathy vowel
(CV̤ ) is represented with more moderate, less
dynamic breathiness. The breathiness associated with
consonants exceeds the zone of ambiguity; the
breathiness of vowels does not.
In the scenario proposed by this explanation,
listeners are sensitive to the presence of breathiness,
provided that it exceeds the zone of ambiguity.
Significant cues to breathiness may be sufficient
cause for excluding a stimulus from being identified
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as modal, but insufficient cause for determining if the
breathiness is associated with the C or V. The results
of the present study strongly suggest that this
interpretation merits further investigation.
Figure 4: Schematization of degree of breathiness
across timecourse of vowel.

5. CONCLUSION
This study investigated the perception of sequences
involving breathy Cs (CʱV), breathy Vs (CV̤ ), and no
breathiness (CV) by native listeners of Gujarati.
Listeners reliably perceive the intense breathiness
characteristic of breathy Cs (CʱV), but are unable to
determine whether that breathiness is associated with
the C or the following V. They do not reliably
perceive the subtle breathiness characteristic of
breathy Vs (CV̤ ), often indicating these sequences to
be equivalent to fully modal sequences (CV). The
overarching trend, then, is that [CʱV] can be
interpreted as either /CʱV/ or /CV̤ /, while [CV̤ ] is
often indistinguishable from /CV/. While ongoing
work will further explore the specifics of these trends,
it is evident from this study that there is a problem in
differentiating [CʱV] and [CV̤ ] sequences as well as
an overlap in either the categorization or perception
of [CV̤ ] and [CV].
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ABSTRACT

We present preliminary results of an acoustic analysis
of monophthongal vowels produced by five female
Irish migrants in Melbourne, with lengths of
residence in Australia between 1.5 and 9.5 years. This
sample is compared with five female Australian
English (AusE) participants. Results show greater
overall variability within the Irish group compared to
the AusE group for the majority of vowels.
Sociophonetic variability also emerged, for example
with only two migrants producing an expected Irish
English FOOT-STRUT merger. One ‘non-merger’ with
the longest length of residence, and a social network
comprised exclusively of Australians, also displayed
initial signs of movement towards other AusE vowel
targets, such as a fronted /ʉ:/. This research
contributes to our understanding of the dynamics of
dialect contact, indicating movement in the direction
of AusE after approximately ten years of exposure.
Keywords: vowels, Irish English, Australian English,
sociophonetics, second dialect contact.
1. INTRODUCTION
There is a long history of Irish migration to Australia,
with a recent 39% increase in Irish-born people
between 2006 and 2014 [1]. While the sound systems
of both Irish English (IrE) and Australian English
(AusE) have been well described (see [17] for an
auditory description of IrE; [7, 9] for acoustic
phonetic descriptions of AusE), little is known about
sociophonetic outcomes of contact between these
dialects. This is despite the fact that Second Dialect
Acquisition (see e.g. [22, 26]) has been found to occur
among children [27], adolescents [4, 25] and adults
[10, 23] in other cross-dialect situations.
Vowel mergers have been shown to be a compelling
point of investigation in second dialect contact, which
is the focus of our study. Whether or not vowel
mergers can be ‘split’ following sustained exposure
to a dialect that maintains a contrast can reflect
“complex interactions of linguistic, social, and
developmental factors” [22]. Nycz [23] examined the
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capability of Canadians in New York City to split LOT
and THOUGHT (lexical sets will be used henceforth in
this paper for comparability across varieties),
showing length of residence (LoR, i.e. exposure) to
be a significant predictor of unmerging. However,
findings showed extensive individual variability: not
all speakers made categorical shifts, and could exploit
merged or unmerged variants for stylistic purposes.
Sankoff [25] found that Northern British English
speakers who moved to the south of Britain exhibited
unmerging of their native FOOT-STRUT merger after a
number of years, but their realisations of these vowels
were not identical to that of Southerners.
IrE typically exhibits a merger between FOOT and
STRUT (see [11] for Republic of Ireland (RoI); [19,
20] for Dublin English), with some exceptions
reported only for older, working class Dubliners [16].
Despite little acoustic phonetic work on IrE, recent
work shows entrenchment of the FOOT-STRUT merger
among younger populations in Dublin [20], and the
variety there is reported to have a ‘supralocalising’
effect on younger speakers across RoI [17]. Thus, it
can be more or less reliably stated that the merger is
a feature of present-day IrE, and that presence of a
contrast among Irish migrants exposed to AusE,
which has a robust FOOT-STRUT distinction [6], could
be taken as an outcome of second dialect contact.
The present study investigates whether Irish
migrants (native speakers of IrE) begin to unmerge
FOOT and STRUT following AusE exposure. By
investigating F1/F2 vowel spaces, the study also
describes other vowel realisations among these
speakers that could be due to second dialect influence.
These include the fronting of NURSE and GOOSE
(AusE has a fronted GOOSE compared to other
English varieties, including RoI [7]); and unmerging
of TRAP and BATH. The study is part of a wider project
with a range of participants and data types.
2. METHOD AND ANALYSIS
2.1. Participants

There were ten participants in the present study: five
female Irish migrants residing in Melbourne; and five
female native AusE speakers, born and raised in

Melbourne (average age 31; SD=5). The Irish
migrants came from small towns and villages across
different counties in RoI (see Table 1). One speaker
(IE_012) was bilingual in Irish (Gaelic) and English.

IE_001
IE_010
IE_012
IE_013
IE_009

County of
origin
Wicklow
Louth
Galway
Westmeath
Limerick

Age
34
29
31
31
33

3. RESULTS
3.1. Acoustic results: AusE participants

Table 1: Irish participants by county, age, LoR.
Participant

speakers’ FOOT vowels, using the euclidean function
in emuR [32].

LoR
(yrs;mths)
9;6
4;5
4;0
1;8
1;6

Among the AusE speakers, one (AU_025) had Irish
parents (one from RoI, one from Northern Ireland–
NI). Her data was retained for comparative purposes
in the study. The remaining four AusE participants
reported Australian lineage with an “Australian
accent” for both parents. A background questionnaire
also asked respondents about the composition of their
social networks (following [19]), instructing them to
list the six people they see most on a daily basis, with
their respective places of origin.
2.2. Materials and procedures

A wordlist of 54 items containing AusE
monophthongs was elicited from speakers via a
laboratory-based recording with three repetitions.
From this, 17 words in /hVd/, /hVt/, /bVd/ and /bVt/
contexts were extracted, resulting in 51 tokens per
speaker, and a total of 510 tokens in the present
analysis, across both speaker groups. Wordlist
recordings were automatically segmented via
WebMAUS [18], using the AusE model. Phonemic
segment boundaries in the output TextGrids were
checked and manually corrected in Praat [3]. Any
rhotic realisations from the IrE speakers were also
treated manually, using auditory and acoustic
measures to best estimate the segment boundaries. F1
and F2 formant data were extracted and plotted using
the emuR [32] package in RStudio [24], with formant
tracking errors manually corrected in the Emu
WebApp [31]. Vowel targets were calculated by
finding the point at which either F1 or F2 was highest
or lowest (depending on the most relevant feature of
each vowel—see [13]), then matching the other
formant’s data to that point, limiting this process to
the first half of each segment. Only static
measurements were taken; dynamic measures will be
used in future research. Descriptive statistics (due to
the small size of the dataset), specifically Euclidean
distances, were used to determine distance between
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Fig. 1 shows an F1/F2 vowel space for all five AusE
participants (the acoustic data henceforth has not been
normalised to emphasise inter-speaker variability).
The vowel space shows relatively little variability, in
the sense that the ellipses are relatively small and not
overlapping in unexpected ways for AusE. This is
unsurprising considering the homogeneity of the
grouping, and was an intentional part of the research
design, in the sense that these speakers should provide
a benchmark against which the IrE speakers could be
compared. However, it is worth noting that the GOOSE
vowel is more central than what has been found in
previous studies from Sydney [5, 9], where GOOSE is
more front, but aligns with findings from Melbourne
[2]. The visible variation in the centroids of the FOOT
target are due to AU_025 (who had Irish parents—see
§2.1), with a FOOT that was more central than the
other AusE speakers, resembling the FOOT of the IrE
speakers in Fig. 2. She also exhibited rhoticity in
certain contexts, suggesting further IrE influence,
although her STRUT and FOOT were not merged, as is
typical for AusE [5, 9]. Otherwise, Fig. 1 represents a
relatively expected, unremarkable AusE vowel space.
Figure 1: AusE female F1/F2 vowel space: all
points with ellipses.

3.2. Acoustic results: IrE participants

Fig. 2 shows an F1/F2 vowel space for all Irish
participants. It shows considerable variability with
relatively large and overlapping ellipses. However, as
compared to Fig. 1, there is less variability for

FLEECE;

this could be due to the fact that IrE FLEECE
is monophthongal; whereas FLEECE in AusE is highly
variable, with varying degrees of onglide and in many
cases a diphthongal quality [8, 9, 12, 30]. Despite the
fact that only targets were extracted for the vowels
(see §2.2), the diphthongal nature of the vowel
dynamics for AusE FLEECE affects the target: for
some speakers, a centring quality is evident (Fig. 1).
Figure 2: IrE female F1/F2 vowel space: all points
with ellipses.

With respect to GOOSE, Fig. 2 shows that for the
Irish participants, the variant is not fully back, with
some evidence of centralisation, reflecting what has
been reported for IrE’s “conservative” behaviour
with respect to GOOSE fronting [11]. However, there
is one highly fronted participant (IE_001), and two
speakers who have non-centralised realisations, e.g.
IE_009 whose FOOT and GOOSE are very close in
acoustic space, but auditorily clearly distinct.
GOOSE is typically not front for speakers from
IE_009’s region of origin in Ireland (south-west), in
contrast with what is known for speakers from NI,
or the NI-RoI border [14], which was the case for
IE_010, who had a more front GOOSE as compared
to three of the other participants (009, 012, 013).
The NURSE vowel is clearly traversing the vowel
space in Fig. 2, with variability in the height of
NURSE, and a number of tokens are quite fronted,
especially for IE_010. This could be an influence of
AusE, with some similarity to be observed with Fig.
1, where NURSE is more front; however, this same
participant had a high degree of similarity between
her NURSE and SQUARE vowels, which is potentially
a reflection of the NURSE-SQUARE merger in
Northern IrE [21], bearing in mind that she
originates from a border area. Other participants,
such as IE_001 and IE_009, have more back
realisations of NURSE. It should also be noted that
some participants have a distinction between their
TRAP and BATH vowels, which could be an influence

of AusE, but could also reflect the fact this
distinction is itself regionally variable in IrE [15].
3.3. The FOOT-STRUT merger

Initial auditory impressions (video data was not
recorded) of FOOT and STRUT revealed that IrE FOOT
was less rounded than in the AusE dataset, but had
a more rounded STRUT. Fig. 2 exhibits no consistent
FOOT-STRUT merging, with only two participants
(IE_010; IE_013) merging acoustically and
auditorily. Their merger behaviour was also not
identical. IE_010’s FOOT was lowered and
centralised, and auditorily less rounded than for
other participants, contributing to lower formant
values. IE_013’s STRUT was rounder and backer
than that of IE_010, but she also had a central FOOT.
Among the non-mergers, IE_009 had overlap
between FOOT and GOOSE, and along with IE_012,
had a STRUT closer to LOT. IE_001 also had no
merger evident acoustically. Auditory analyses for
IE_012 and IE_001 indicate their vowels were kept
distinct due to unrounding, and potential backing
and fronting, of FOOT (see [28] on unrounding in
English varieties). FOOT unrounding was also
observed among AU_007.
Regarding dynamics, two of the non- FOOT-STRUT
mergers (IE_012; IE_001) had an onglide for
GOOSE, with a diphthongal quality. Fig. 3 shows
IE_001’s third of three realisations of boot.
Figure 3: Spectrogram (Praat) of production of boot
(IE_001). Dynamically moving formants (F2, F3) at
the onset of the vowel show a clear onglide.

The consonants are unremarkable in the sense that a
phonetically voiceless /b/, and a heavily affricated
/t/ both occur in IrE [17] and AusE [6]. The vowel
/u/ shows a relatively strong onglide in F2, which is
most likely not a feature transferred from AusE,
where it has been reported to occur only in broader
varieties (see e.g. [12]). In more mainstream AusE,
and in more recent research on vowel dynamics,
relatively little F2 movement is seen in vowel
trajectories for AusE /u/ ([9]. This indicates further
nuanced differences between the groups beyond
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acoustics, illustrating the importance of
incorporating dynamics into future research.
Overall, IE_001 appeared to be the participant with
the most influence from AusE. This is evident in Fig.
4, showing her vowel space overlaid with the mean
AusE vowel centroids from the present study. Her
raised STRUT remains typical of IrE, but her backed
FOOT suggests AusE influence. Her highly fronted
GOOSE (§3.2) was even fronter than the average
Australian in the study. In casual conversation, she
had a notable Australian influence on her accent, and
commented on this overtly. Of all participants, she
had spent the longest time in Australia (9;6) and
reported 100% of her social and (new) familial
network to be comprised of Australians.
Figure 4: F1/F2 vowel space for IE_001 (blue)
overlaid with mean AusE vowel targets (black).

IE_001
Australian

Table 2 reports Euclidean distances showing
IE_001’s FOOT centroid to be closest to the mean
AusE group centroid (the smaller the number, the
closer the centroid to the AusE centroid), resulting in
her FOOT and STRUT occupying distinct positions in
the vowel space. While not mirroring AusE FOOT and
STRUT exactly, IE_001’s FOOT is somewhat atypical
of IrE, suggesting some minimal influence of AusE.
Table 2: Euclidean distances of IrE FOOT speaker
centroids to AusE FOOT group centroid.

Speaker
IE_001
IE_009
IE_010
IE_012
IE_013

Mean (Hz)
65.08
417.81
511.84
442.21
429.90

SD
25.25
50.97
58.11
40.72
33.34

4. CONCLUDING DISCUSSION
The present study has shown greater overall
variability in production of vowels by a group of
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Irish migrants residing in Australia as compared to
an age-matched group of native AusE speakers.
This was found particularly for the GOOSE, NURSE,
TRAP and BATH vowels, where there were also high
degrees of inter-speaker variability. This is
unsurprising considering these migrants have spent
a considerable amount of time away from their
native dialect area, but also the fact that they come
from different dialect areas in Ireland. It is
challenging to disambiguate the effect of second
dialect contact from native dialect variability,
although it can be expected, and hypothesised in
future work, that both have a combined influence.
A baseline comparison for IrE was an issue in this
study due to the lack of quantitative, acoustic
phonetic descriptions of IrE (with the exception of
[11, 19, 20], which are relatively small scale).
Changes underway for English dialects
concurrently, such as unrounding of FOOT (see e.g.
[28]) also present challenges in pinpointing
reference points for the ‘target’ dialect (AusE),
particularly when comparing with mobile speakers
(see [23]). Further challenges emerge when
variability is present in the target dialect, such as
centring of /i:/ in AusE. Other effects, such as
second-generation migration (AU_025), result in
variable input for Irish speaker-listeners (see [29]).
To address some of these issues, future work will
record a baseline sample of IrE speakers in Ireland
and will also focus on Irish migrants in Australia
originating from the same dialect area. Ongoing
research will also incorporate dynamic analyses,
and triangulate acoustic, articulatory and perceptual
patterns, since the same participants in the broader
study undertook a studio-recorded sociolinguistic
interview, a perception task, and laboratory-based
recording of a wordlist with simultaneous
ultrasound tongue imaging.
This preliminary analysis suggests nonetheless
that Irish migrants, particularly those with longer
LoRs, may be influenced by contact with a second
dialect, which is reflected in their variability in the
direction of AusE. This includes movement away
from established features of IrE, such as the FOOTSTRUT merger, or movement towards the fronting of
GOOSE, although this study indicates that this
feature may be less established for Melbourne
speakers than for Sydney speakers [5, 9]. In
documenting a previously undescribed cohort of
speakers (Irish migrants in Australia), the present
study has elucidated nuanced and complex findings
warranting further investigation, so that we may
better
understand
sociophonetic
processes
associated with dialect contact.
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ABSTRACT

the course of a conversation. It argues that speakers
display stylistic variation through combinations of
variants, and the meaning of a particular variant cannot be properly interpreted in isolation of the landscape of other variants with which it co-occurs. This
sheds light on how sounds are used in actual conversation, but the focus is usually on micro-level variation, often within a single speaker (e.g. [3, 16]).
From first-wave studies, we have learned how individual variables pattern and change over time at
the community level, and from third-wave studies,
we now know about how variants might cluster together in individual interactions. However, the latter has thus far been mostly focused on individual
conversations, and has not yet reaped the benefits
of a ‘big data’ approach, in terms of understanding how speech communities might systematically
cluster features, while the former lacks a precedent
for studying how sound systems vary across speakers and time. When combined, the two literatures
raise new questions about how sound systems - understood as the systematic covariation of a range of
different phonetic variants, vary across speakers.
We investigate covariation between monophthongs over the history of New Zealand English. We
are interested in two key questions. First, can we
find systematic patterns of realizations of vowels,
across speakers, that might relate to indexical meaning. As stated by Guy and Hinskens:

The study of sound change tends to concentrate on
trajectories of particular variables in isolation. We
explore a methodology for testing whether individual sound changes cluster together across individual
speakers. Adopting a ‘big data’ approach, we extracted speaker intercepts from mixed-effects models predicting normalised F1 and F2 for 12 monophthongs. Principal Components Analysis on the intercepts reveals three significant dimensions of covariation. PC1 separates speakers who vary in their production of boundary vowels. PC2 indicates covariation in a cluster of vowels that may be explained
by stylistic or social factors. PC3 highlights the existence of ‘leaders’ and ‘laggers’ in sound change.
This technique provides a means for finding structure in large data sets, moving beyond the analysis
of isolated variables and towards one that considers
entire systems.
Keywords: Sound change, Covariation, Princial
Components, New Zealand English
1. INTRODUCTION
Foundational work in the field of ‘first-wave’ variationist sociophonetics ([19]) focuses on the sociolinguistic variable, and has repeatedly shown that
variables can be socially and stylistically stratified,
especially in cases where the variable is undergoing
change. This work is usually large scale, and typically conducts a macro level analysis by aggregating across many individuals in several generations
of speakers. The majority of such studies report on
variation or change in an individual variable. Even if
multiple variables are investigated in the same study,
they are nearly always examined in isolation of each
other, with the exception of a few specific sound
changes, which are hypothesized to be causally related (e.g. chain-shifts, see [14]).
Work in the so-called ‘third-wave’ of sociolinguistics [6] has focused more explicitly on individual speakers, exploring how linguistic styles, as collections of different phonetic variants, unfold over

How similar or different are the indexicalities of particular linguistic forms? Are
there clusters of variables that coherently
index, or are associated with, the dimensions or subdivisions of a community [10,
p.4]
Second, can we identify individuals who ‘lead’ or
‘lag’ in sound change, in a way that can be observed
across multiple ongoing changes?
Are there socially identifiable leaders of
change who tend to use all the innovative
variants together, or are different innovations subject to differentiated social inter-
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pretations and individuated patterns of usage? [10, p.4]

Table 1: No. of tokens per vowel in final data set.

Vowel
DRESS
FLEECE
FOOT
GOOSE
KIT
LOT
NURSE
SCHWA
START
STRUT
THOUGHT
TRAP

We analyse all available monophthongs from the
Origins of New Zealand English corpus (ONZE) [9,
8]). We make use of the fact that the ONZE corpus has an extensive number of tokens available
for analysis, from speakers who were born across
a 130+ year time period. This provides an ideal resource which can be used to investigate the question
of whether we can observe covariation of phonetic
variants across different speakers.
Building on work in [18], we fit separate mixed
effects regression models to each vowel category in
the data set. As we explain further below, the models
included year of birth as one of the predictors, and so
are able to examine possible covariation among variants while controlling for speaker age. To do this, we
extracted the by-speaker random intercepts (a measure of whether the speaker’s formants are higher or
lower than we would expect, given their year of birth
and gender), then analysed these intercepts using a
Principal Components Analysis (PCA). This method
provides a way to expose the correlation structure of
different phonetic variants across speakers, allowing
us to identify whether certain subsets of the variables
tend to cluster together in their usage.

N Tokens
116,993
73,806
21,249
42,915
259,788
52,481
25,804
162,566
44,842
70,721
58,676
48,769

%
11.96
7.54
2.17
4.39
26.55
5.36
2.64
16.61
4.58
7.23
6.00
4.98

speaker. Finally, we removed tokens from a list of 73
grammatical words which are often high frequency
and occur in unstressed environments. We then normalised all F1 and F2 values using the Lobanov
method from the Vowels package in R (see [1]).
The final data set comprised 978,610 tokens, from
23,943 unique word forms across 572 speakers (283
female, 289 male). A summary of the tokens by
vowel can be found in Table 1.
Some of these vocalic variables have received
considerable attention in work on NZ English, particularly TRAP, DRESS and KIT which have been reported to be changing in tandem as part of a pushchain shift [14, 12]. In order to obtain an estimate
of how far advanced a speaker is in each of these
individual sound changes, irrespective of their gender or year of birth, we ran a series of 24 linear
mixed-effects models, fitted using the lme4 package
in R [2, 17]. Each model predicted either the normalised F1 or F2 of each of the 12 monophthongs,
with a fixed effect structure of gender*year of birth +
stressed environment + speaker speech rate, in addition to random intercepts for speaker and word. Year
of birth was modelled as a non-linear predictor using a restricted cubic spline with 4 knots (rms package [11]). From each of the models, we extracted
the by-speaker random intercepts, thus providing us
with 24 data points for each speaker corresponding
to how their F1 or F2 values for each vowel differ
compared to the group (see [5, 18]).

2. METHODS
2.1. Materials

Our data are drawn from the ONZE corpus, which
comprises transcribed recordings from speakers
with birth years ranging from 1851 to 1988, providing data on accent variation and change across 130+
years. The full set of ONZE transcriptions has been
force-aligned at the phoneme level using the HTK
toolkit [20] available within the software package
LaBB-CAT [7].
2.2. Data processing

In order to assess the covariation of vocalic variables
across speakers, we first extracted all available tokens that contained monophthongs in the ONZE corpus, then automatically extracted F1 and F2 values
at the midpoint of each vowel. This resulted in a data
set of over two million tokens from 636 speakers.
Next, we removed speakers with < 10 tokens for any
single vowel, or with no demographic information
in the corpus. Further to this, we removed tokens
that were more than 3 standard deviations outside
the mean F1 or F2 value (as these were likely inaccurate measurements), calculated per vowel for each

3. RESULTS AND DISCUSSION
As a first step, we attempted to explore whether we
could find covariation of the vowels using a hierarchical agglomerative cluster analysis. This initial exploration strongly motivated the interpretation that intercepts were non-randomly associated
with each other. Some of the covariation seemed
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Figure 1: Vowel spaces capturing each of the 3 principal components, with variance explained given in brackets.
Vowels are shown when the absolute value of their loading is >.2 on the relevant component, with loading values
given in black text next to directional arrow. In PC2 and PC3, coloured arrows represent the direction of change
the vowel is moving in, with green arrows indicating movement in the same direction with PC loading, whilst red
arrows indicate opposite direction. All PC2 and PC3 loadings with an absolute value of >.2 are on formants that
are significantly changing over time, with the exception of START F2, and SCHWA F2. Note that the exact position
of the vowels is not data-driven, but schematic and based on past descriptions of NZE, see [14]

to be driven by differences in overall vowel space,
whereas some of it reflected covariation of structurally related changes. In order to try and disentangle possible dimensions of covariation that might
be underpinning these stable clusters, we turned to
PCA. PCA was used with the main objective of identifying whether and to what extent specific vocalic
variables co-vary over time in NZE. The result of
the PCA motivated three main components, which
in combination explained 44.8% of the total variance. The loadings on the three principal components (hereafter referred to as PC1, PC2 and PC3)
are shown in Figure 1, for predictors with loadings
with an absolute value greater than 0.2.

way that correlates with speaker intelligibility [4].
This dimension is also interesting for social reasons,
differentiating speakers according to the overall degree of hyper/hypo-articulation employed.
3.2. PC2: Stylistic Variation and Social Meaning

PC2, accounting for 13.6% of the variance, represents a further group of vowels that are not operating independently. This group is clearly not related
to speaker normalization issues, as they contain negative correlations as well as positive ones. For example, speakers with high PC2 have a higher than expected F1 for THOUGHT, and a lower F1 for START.
Moreover the direction of these loadings is not uniformly aligned with directions of sound change.
Coloured arrows show the direction of change as indicated by year of birth coefficients from simple linear regressions of each vowel. In some cases (e,g,
DRESS ) the principal component is aligned with the
direction of change, and in others (e.g. THOUGHT)
it is in opposition with it. Furthermore, there are
several vowels in this group which are not known
for rapid change, and in two cases (SCHWA F2 and
START F1), the coefficient for year of birth does not
reach significance. Here, then, we have some significant covariation of vowel production that is neither related to vowel space expansion nor to sound
change. This seems likely to indicate a cluster of
vocalic variables not undergoing vigorous change.
It is possible that these vowels collectively cohere
to form a particular style or to index similar social
meanings in this community. The social dimension
of these clusters of variables will be explored in fu-

3.1. PC1: Vowel Space Expansion

The first component, PC1, accounts for 21% of the
variance. Inspection of the loadings (left, Figure 1)
reveals that it separates speakers who produce extreme values for boundary vowels, and those that
do not. Speakers with high PC1 have high F1 for
high vowels, high F2 for back vowels, low F1 for
low vowels, and low F2 for front vowels. Thus,
speakers with high PC1 tend to produce less extreme
vowels than speakers with low PC1. This operates,
in a sense, as an extra layer of speaker normalization, whereby speakers are separated by the size of
their vowel space, rather than applying a uniform vocal tract length adjustment which shunts F1/F2 uniformly up or down.
Reduction in overall vowel space is known to correlate with casual speech [13]. Overall vowel space
size has been shown to vary across speakers, in a
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ture work.
3.3. PC3: Leaders and Laggers

As can be seen from the right panel of Figure 1,
the loadings in PC3, accounting for 10.2% of the
variance, are directly aligned with the direction of
change for all vowels. All vowels with high loadings are involved in significant change over this time
period. This component also captures the short front
vowel shift, with speakers who have higher TRAP
and DRESS, also having more central KIT. That is these speakers can be seen to be leading in the short
front vowel shift. Interestingly, these speakers also
show some patterns in other vowels which are not
known to be part of the chain shift, but have changed
over the same time period. For example, speakers
leading in the chain shift also have a higher, fronter NURSE vowel, and thus are leading in the sound
change involving NURSE raising and fronting ( [15])
These patterns of covariation suggest that the previously reported short front vowel shift exists within
individual speakers rather than just across generations. Moreover, they suggest that there is nonrandom patterning of other vowels that are moving over the same time period. The existence of
PC3 points toward individuals being overall ‘leaders’ and ‘laggers’ in sound change. Without this particular methodology, which accounts for the - much
more substantial - covariation across speakers due to
vowel space size - this sound-change related covariation would be much harder to capture.
In order to further explore the degree to which
these patterns can really be interpreted as existing
within individuals, as opposed to reflecting timebased differences that we have not adequately captured in our regression models, we inspected the relationship between each component and speakers’
social characteristics. Figure 2 shows this relationship for PC3. Each point represents a speaker. Their
year of birth is plotted against their loading for PC3.
Horizontal lines have been added at +2 and −2 to
visually separate speakers with more extreme positive or negative values. We can see that there is no
strong relationship with year of birth or with gender. Indeed these are not significant predictors of
the component when a linear regression is fitted to
the speaker loadings. Speakers exist at all time periods who are substantial ‘laggers’ (above the top line)
or ‘leaders’ (below the bottom line) with respect to
this cluster of vowels, given where we would expect them to be for their year of birth and gender.
This provides evidence in support of the interpretation that what we are seeing relates to individuals.
At any given time, over the history of NZ English,

Figure 2: Speaker loadings for PC3, as predicted
by year of birth. Horizontal lines are added to
visually separate substantial ‘leaders’ (below the
bottom line) and ‘laggers’ (above the top line),
with a loess smooth fitted (solid red line).

there have been people who are ‘leaders’ and people who have been ‘laggers’ in this constellation of
vowel changes. The vowels are not operating independently, but are related - across individuals - in a
non-random way. Plots for PC1 and PC2 tell a similar story, with no clear pattering with respect to year
of birth or gender.
4. CONCLUSION
By modelling individual monophthong formants and
extracting the by-speaker random intercepts, we
can assess whether each speaker’s vowel formant is
higher or lower than predicted given their year of
birth and gender. PCA over these intercepts reveals
considerable structure. First, we can distinguish a
significant pattern of covariation relating to individual vowel space size. Second, a collection of vowels
co-vary systematically in a manner that is independent of articulatory pressures, vowel space size, or
direction of change. This suggests that they may
be operating together in the construction of some
shared social or stylistic meaning. Finally, a set
of vowels which have undergone substantial change
show significant patterning across individuals. We
can identify individuals who are ‘leaders’ or ‘laggers’ across a set of changing vowels.
Of course, it is unlikely that variables covary in
the same way for all speakers and at all times. Such
changes will affect parts of the covariance structures,
as systemic meanings and styles change. In future
work, we will be investigating the degrees to which
different aspects of the covariation we have uncovered are stable across time. While exploratory, we
believe that this technique lays down a very promising path for moving beyond the study of isolated
variables, toward a fuller understanding of how individuals are situated within overall sound systems.
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ABSTRACT
This paper presents non-linear analysis, using
Generalised Additive Mixed Models (GAMMs), of
formant trajectory data relating to the well-attested
merger of the centring diphthongs NEAR and SQUARE
(/iə/ and /eə/) in New Zealand English (NZE).
Previous acoustic analyses have typically focused
solely on formant values for the first target of the
diphthong, usually measured at the point of peak F2,
and have reported apparent-time reductions in
Euclidean distance between these diphthongs or
increases in the overlap of their distributions in vowel
space. The current GAMM analysis includes the
entire diphthong trajectory for F1 and F2. Prior results
on the degree of separation of the first target are
replicated and extended to a larger portion of the
vowels. In addition, the analysis reveals both sex
differences and apparent-time changes in later parts
of the diphthongs, as well as in the timing of the initial
F2 peak.
Keywords: sound merger, centring diphthongs, New
Zealand English, non-linear analysis
1. INTRODUCTION
One of the long-noted features of the pronunciation
of New Zealand English (NZE) is the merger of the
NEAR and SQUARE vowels. For many NZE speakers,
word pairs like cheer and chair or fear and fair are
homophones. The merger, once a topic in the
complaint tradition of letters to the editor and opinion
columns, is now seldom referred to in such public
discourse. While this could be taken as an indication
that the merger is now well established, recent
research [7] has suggested that such a conclusion may
be premature. The primary purpose of the current
study is not, however, to examine whether this merger
is complete, still progressing, or possibly reversing,
but to apply novel methods in the analysis of NEAR
and SQUARE vowels from corpus data. In particular,
this study broadens the scope of the comparison of the
vowels from a focus on the initial target of the
diphthongs to a consideration of the entire trajectory,
using non-linear analysis through generalised
additive mixed effects modelling.
Most early studies of the merger were auditory in
nature. Some of these early studies suggested that the
direction of the merger might be towards the more
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open, SQUARE vowel [3, 8, 12]. However, a
subsequent more extensive auditory analysis using
data collected over a longer time-frame concluded
that the merger was proceeding towards NEAR, with
the starting point of the SQUARE diphthong becoming
less open (higher) over time [4, 10].
The focus in this earlier auditory research on the
first element of the diphthongs is not surprising. The
first element is closely linked to a possible phonetic
motivation for the merger [14], and at the risk of
circularity we note that transcriptions that distinguish
the two vowels do so primarily in the first element.
The second element is typically argued to be
identical, usually schwa. At least one study [2]
acknowledges the possibility of alternative
realisations of the second element (so that the
diphthongs are realised as [Vː], [Və] or [Və]), but
these variants are not claimed to differentiate NEAR
and SQUARE. Other analyses also allow for
monophthongal realisations, although these again do
not reliably distinguish the two diphthongs [4, 8].
Acoustic analyses of the diphthongs typically
measure F1 and F2 at the point of highest F2 in the
initial portion of the vowel, which is assumed to
correspond to the auditory first target. To gauge the
merger, these formant values are then subjected to
Euclidean distance measures or to calculations of
distributional overlap (e.g., Hotelling-Lawley trace or
Pillai score) [6, 7, 16]. However, by definition,
diphthongs are dynamic, and focusing on a single
point ignores other potential differences, such as in
the trajectory shape and/or the end target of the
diphthong. For Australian English, it has been found
that classification of diphthongs in fact benefits from
the inclusion of multiple spectral slices because
diphthongs ‘have at least two targets’ [5].
Additionally, formant movements in diphthongs are
not restricted to straight-line trajectories from one
formant value to another, but frequently involve nonlinearities.
Recent publications on the dynamic analysis of
speech phenomena have introduced statistical tools to
the phonetics community for the modelling of
dynamic and in particular non-linear trends. These
include articulographic analysis of Dutch dialects
[19] and of English L1 vs. Dutch L2 speakers [18], as
well as tutorial introductions to the use of Generalised
Additive Mixed Models (GAMMs) in the analysis of
linguistic change [21], of changes in /r/ articulation in
Glaswegian English [11], and of pitch contours across

English compounds [1]. These statistical approaches
are applied in this paper to the analysis of the NEAR
and SQUARE diphthongs of NZE.
2. METHOD
2.1. Materials

The materials for the analysis reported here are taken
from the New Zealand Spoken English Database
(NZSED, see [13]). They consist of 18 words with
NEAR and 18 words with SQUARE, from the sentence
reading section of the database. The two sets are
balanced as far as possible for the phonetic context
preceding and following the diphthongs.
These materials were produced by 71 speakers (36
female and 35 male) in the age range 17-64. (The
database consists of three age groups: younger, midage, and older, but analysis of the actual ages shows
good distribution across each age range, and so for the
current purposes speaker age is treated as a
continuous variable.) The speakers came from two
urban centres in New Zealand’s North Island,
Wellington and Hamilton. All were native speakers
of NZE. Of 2,556 possible vowel tokens, three were
missing (due to mispronunciation).
Segment labelling and alignment at the phone
level was carried out using the NZE phoneme models
in the MAUS on-line tool [9], with hand-correction
where required. Formant tracks were produced by
forest in the wrassp package in R [20], again with
hand-correction where necessary.
Formants were normalised using the speakerintrinsic procedure proposed in [17], and based on
formant data from eight instances of each of a set of
monophthongal vowels produced in sentence
contexts by each speaker (see [15]). The diphthongs
were time-normalised to produce 25 equally-spaced
values across each vowel (but note that the actual
vowel durations were included as random terms in the
statistical modelling).
2.2. Statistical modelling

Statistical modelling was carried out using the bam
function in the mgcv package in R [22]. The
dependent variable consisted of the normalised
formant values (for F1 and F2), giving a total of
127,650 values (2 formants x 25 time points x 2,553
tokens). Parametric factors included Formant (F1 vs.
F2), the inclusion of which allowed the two vowel
dimensions (close-open and front-back) to be
modelled simultaneously. Vowel (NEAR or SQUARE)
and speaker Sex were also included, together with
interactions with Formant.
Non-linear smooths included in the model were
Trajectory (25 time points for each vowel) and Age,
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both in interaction with Vowel and Sex. The nonlinear interaction of Trajectory and Age was also
included, again in interaction with Vowel and Sex.
The random effects structure catered for byspeaker variation in trajectories and in vowel duration
across vowels and formants, and for by-item variation
in trajectories and age across formants. It also allowed
for the influence of preceding and following phonetic
contexts, across vowels and formants.
Statistical models were constructed following the
procedure presented in [19], using ordered factors for
each Formant for NEAR and SQUARE, for female and
male speakers, and for the interaction of Vowel and
speaker Sex. These ordered factors allowed
assessment of the effects on Formant values of Vowel
and Sex and their interaction, with reference levels set
to SQUARE and to male speakers.
Since in relatively smooth and slow-changing time
series values at time t will be correlated with those at
time t-1, an autocorrelation parameter was included
in the models. This was calculated over an initial
simpler model and set at 0.747. Also on the basis of
the simpler model, datapoints with residuals of more
than 2.5 (less than 1.4% of the data) were excluded
from the analysis. Models were evaluated for best fit,
and the final model explained 86.4% of the variance,
with an estimated R2 of 0.952.
3. RESULTS
3.1. Random effects

All of the random effects were highly significant,
indicating that there was indeed variation by
participants and items across the vowels and
formants.
3.2. Parametric effects

The parametric effects are shown in Table 1.
Unsurprisingly, given that the diphthongs are located
in the top-right quadrant of the vowel space,
normalised F2 was greater than normalised F1.
Table 1: Parametric coefficients
Est.
SE
t
p
Intercept (F1, male, SQUARE) 0.92 0.032 28.80 <0.001
F2 vs. F1
0.53 0.062 8.61 <0.001
F1 by Vowel
-0.05 0.052 -0.87
0.39
F1 by Sex
-0.09 0.022 -4.06 <0.001
F1 Vowel effect by Sex
0.04 0.030 1.36 0.17
F2 by Vowel
0.01 0.078 0.16 0.88
F2 by Sex
0.02 0.011 1.45 0.15
F2 Vowel effect by Sex
-0.01 0.015 -0.78
0.43

Normalised F1 for females was lower than that for
males. Note that this comparison is at the reference

level for Vowel, and so indicates that females have an
overall raised (i.e. more NEAR-like) SQUARE vowel.
3.3. Non-linear smooths

The non-linear effects are given in Table 2. None of
the smooth effects for Age were significant and these
have been omitted from the table. The smooths over
time [s(Time)] show significant non-linear
trajectories for both formants (Figure 1), and that both
of these differ by Sex.
Table 2: Smooth functions and tensor interactions
s(Time):
F1 (for male, SQUARE)
F1 by Sex
F1 by Vowel
F1 Vowel effect by Sex
F2 (for male, SQUARE)
F2 by Sex
F2 by Vowel
F2 Vowel effect by Sex
ti(Time, Age):
F1 (for male, SQUARE)
F1 by Sex
F1 by Vowel
F1 Vowel effect by Sex
F2 (for male, SQUARE)
F2 by Vowel
F2 by Sex
F2 Vowel effect by Sex

edf

F

p

8.4
7.0
1.0
3.5
6.6
7.2
3.4
2.6

73.5
4.4
1.6
2.6
13.0
21.1
0.8
1.2

<0.001
<0.001
0.20
<0.05
<0.001
<0.001
0.46
0.34

5.5
14.2
1.0
1.0
22.7
5.1
25.6
1.1

4.9
1.4
0.3
0.5
2.7
4.6
2.2
0.4

<0.001
0.15
0.52
0.56
<0.001
<0.001
<0.001
0.64

values for males, which reduces towards the end of
the trajectories. These effects are consistent with
previous findings that females are more likely to
merge the vowels (towards NEAR) than males [4, 8].
3.4. Non-linear interactions

The bottom half of Table 2 shows non-linear
interactions involving trajectories and Age [ti(Time,
Age)]. For F1, trajectories start from a lower value
(closer starting point) for younger speakers. This is
visible at the left edge of the contour plot in Figure 2.
The plot is for the reference values of males and
SQUARE, and so shows how the starting point of this
vowel becomes more NEAR-like over apparent time.
Figure 2: F1 trajectories by Age at reference (male,
SQUARE).

Table 2 also shows that F2 trajectories change over
apparent time (Age) in interaction both with Vowel
and with Sex. The latter indicates that the difference
in the non-linear smooths for female and male F2
trajectories reported earlier is influenced by Age. The
peak of the difference gets earlier with decreasing
age, as shown in Figure 3.

Figure 1: F1 and F2 trajectories at reference (male,
SQUARE).

Figure 3: Sex differences (female-male) in F2
trajectories by Age.

F1 is consistently lower for females, but the
difference is larger at the beginning and end of the
diphthong. The Sex effect for F2 is that females have
significantly higher F2 than males over the first half
of the diphthong, but significantly lower F2 later in
the vowel. This indicates a greater front-to-back
movement for the females, for the reference vowel
SQUARE. The Vowel effect by Sex for F1 reflects a
greater difference between NEAR and SQUARE F1
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Note again that this is adjusted for the reference
vowel SQUARE, suggesting that women not only have

more NEAR-like trajectories for SQUARE (with greater
initial fronting) but also that they achieve this NEARlike target earlier in the vowel the younger they are,
i.e. the greater front-to-back movement noted earlier
is more evident in the speech of the young females.
Additional visualisations of male and female by-Age
changes in F2 trajectories confirm that the effect in
Figure 3 is carried by the female speakers, with the
males showing little change over apparent time.
The Vowel (NEAR-SQUARE) difference in F2
trajectories over Age is shown in Figure 4. The
contour plot at the top shows the Vowel differences,
and the lower plot shows smooths extracted from the
modelled data at three ages (20, 40, 60, corresponding
to the dotted lines overlaid on the contour plot). These
plots show clearly that the differences between F2
trajectories for NEAR and SQUARE become reduced
over apparent time. Importantly, they also show that
these changes affect not only the first part of the
diphthongs, typically associated with the NEARSQUARE contrast, but also the final portion, reflecting
the increasing diphthongal nature of SQUARE.
Figure 4: F2 trajectory: Vowel differences by Age.
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4. DISCUSSION
The results of the non-linear GAMM analysis both
confirm and extend the findings of previous acoustic
studies of the merger of the NEAR and SQUARE
diphthongs in NZE. These previous studies have
focused on the initial target for the diphthongs,
typically represented by single-point F1 and F2
values at the point of maximum F2 early in the vowel.
They have generally (at least for the time frame and
geographic regions represented in the current data)
shown increased merger of the diphthongs over
apparent time, based on those values. Most usually,
this is reflected in SQUARE becoming more like NEAR,
i.e. with lower F1 and higher F2. Also, a typical claim
is that the change has been led by women.
In the current analysis, the overall F1 trajectory for
SQUARE (i.e. not just the part associated with the
initial target) is more NEAR-like for females, resulting
in a smaller difference in NEAR-SQUARE trajectories
for females than for males. However, while SQUARE
is more open throughout its trajectory for males than
for females, this difference reduces over apparent
time. As far as the early part of the trajectory is
concerned, younger speakers show closer SQUARE
articulations.
The trajectories for F2 show that females have
higher values than males over the first part of the
SQUARE reference vowel, but importantly also reveal
lower values over the last part of the vowel. This
suggests greater front-to-back movement during
SQUARE for females. Over apparent time, the
differences between NEAR and SQUARE F2
trajectories become reduced, and interestingly this
also affects the second part of the vowel as well as the
first, i.e. the apparent-time changes in NEAR-SQUARE
differences are not limited to the initial target
typically investigated in previous acoustic studies. A
further new finding was that female speakers achieve
an earlier F2 peak for SQUARE the younger they are.
In sum, the formant trajectories of the NZE NEAR
and SQUARE diphthongs are non-linear and therefore
suited to modelling using a non-linear approach. This
approach reveals patterns of similarity and difference
between the diphthongs across the trajectories,
confirming previous findings relating to the initial
target (higher and fronter for NEAR, with SQUARE
becoming more similar to NEAR over apparent time),
and additionally showing marked differences in the
final portion of the vowels, which also change over
apparent time, as well as differences in the alignment
in the SQUARE vowel of the F2 peak.
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ABSTRACT
Ethno-cultural varieties of Australian English are expected to grow in the 21st century [10], yet we know
little about the phonetic detail of the linguistic repertoires of speakers from the many ethno-cultural
groups in Australia. In Australian English, /l/ has
been said to be dark in all word positions; however,
this has not been thoroughly tested to date. This paper
compares the acoustic properties of /l/ produced by
Anglo-Celtic Australians (N = 20), and Lebanese
Australians (N = 30), who represent the 9th largest
ethno-cultural group in Australia.
Results from a wordlist task show that word position has the strongest effect on /l/ darkness, such
that /l/ is darker word-finally than word-initially, as
seen in other varieties of English. This positional effect is observed for both speaker groups, to differing
degrees. Further, for Lebanese Australians variability
in /l/ darkness is accounted for by gender, ethnic identity, and social networks.
Keywords: Australian English, sociophonetics, ethnic identity, laterals (/l/), acoustic phonetics.
INTRODUCTION
The Australian English (AusE) accent is generally argued to be relatively homogenous [11]. While it has
previously been described as varying along a continuum of broadness, more recently, Cox has argued that
we will see less extremes of that continuum, and that
there will be an increase in ethnocultural variability
in AusE [10].
Australia is home to over 300 distinctive ethnic
groups, as avowed in the 2016 census [1]. Among the
largest of these groups are people who share Lebanese ethnic heritage. The heritage language of this
group, Arabic1, is the second most commonly spoken
“home language” [1] (third if we include English),
and Lebanese Australians are the largest group who
claim Arabic as a heritage language (HL) [1].
In Australia, there is a strong background of ethnolinguistic diversity [1], but relative homogeneity
[11], particularly as compared to other English-speaking countries such as the UK and the USA [11]. Like
varieties within those countries, the alveolar lateral
approximant, /l/, in AusE is said to have both light (or
clear) and dark allophones that are positionally dis-
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tributed [11]; however, while /l/ has also been argued
to be dark in all contexts [31] this has not been tested
empirically to any great extent.
Previous acoustic phonetic analysis of Lebanese
Australians’ speech shows prosodic differences compared to “mainstream” AusE [12], as well as complex
sociophonetic variation in VOT which varies as a
function of gender, social network, degree of religious affiliation, and ethnic identity [8, 9].
1.1.

/l/ darkness in English and Arabic

In other varieties of English which exhibit varying degrees of /l/ clearness-darkness, the production of /l/
by minority-ethnic and bilingual speakers has been
investigated [e.g., 19, 20]. Of considerable relevance
to the present study, Khattab [19] examined the F1
and F2 of bilingual and monolingual Lebanese and
Yorkshire English speakers. As Khattab points out,
English and Arabic—or, in the present case, Arabic
HL speakers—“constitute an interesting pair for comparison”. This is also the case here since AusE is argued to be a particularly dark /l/ variety, and because
Arabic /l/ is typically clear in all but a few quite specific contexts [19]. This contrasting set of potential /l/
realisations with conflicting accounts of distribution
provides an attractive intersection for analysis.
While previous ethnolinguistic research sought to
delineate “ethnolects”, focus has turned to examining
speakers’ ethnolinguistic repertoires, acknowledging
that speakers who share the same ethnicity might not
share the same degree of identification with their ethnicity, or the same kinds of practices—including linguistic practices—related to their ethnicities [3]. Furthermore, a single macro-sociological label denoting
the speaker’s ethnicity has become insufficient in
capturing the many ways speakers may identify ethnically. Thus, Hall-Lew and Wong [15] argue for categorisations that take more detail of ethnic identity
into account. Hoffman & Walker [17] provide such a
measure, which, they argue, “[combines] subjective/emic and objective/etic approaches to the ethnic
categorization of speakers”. The application of this
approach in this study is taken up in section 2.2.2.
This paper examines the relationships between /l/
darkness as measured by F2-F1, ethnic heritage, and
ethnic identity. The research questions are:
1. Are there positional effects of /l/ darkness in
this sample of Australian Englishes?

2. Are there differences in F2-F1 between
speakers with Lebanese and Anglo-Celtic
ethnic heritage?
3. Within the group of Lebanese Australian
speakers, what sociophonetic properties characterise /l/ variation?
METHOD
2.1.

Speakers

Table 1: Distribution of /l/ tokens used in the analysis

Data come from two sources: a Lebanese Australian
corpus collected by the author, and the AusTalk corpus [13]. Twenty speakers (F = 10, M = 10) were selected from the AusTalk corpus who satisfied the following criteria: raised (and acquired AusE) in the
greater Melbourne Metropolitan region; aged 18-30
at the time of recording; and, provided cultural heritage information indicating categorisation as “mainstream” AusE speakers would be appropriate (i.e.,
heritage is Anglo-Celtic Australian; no information
about parents or grandparents from a non-majority
ethnicity).
Speakers in the Lebanese Australian corpus
(N = 30) are age matched to the young-adult group of
the AusTalk corpus (i.e., 18-30y at time of recording)
and similarly were raised and acquired AusE in the
Melbourne Metropolitan region but have parents
and/or grandparents who were born in Lebanon.
2.2.

booth as the Lebanese Australian corpus by the author
in many cases.
From the data selected for this paper, there were
245 vocalized tokens identified auditorily [14]. These
were excluded from the analysis, as it was decided
that truly vocoid tokens could contaminate the analysis of clear and dark /l/. Thus, we are left presently
with 3,969 tokens for analysis (see Table 1. below)

Group
Anglo-Celtic
Lebanese

N
741
657
1262
1309
3969

2.2.2. Ethnic identity measure

Lebanese-Australian participants completed a questionnaire designed to quantify ethnic identity, from a
constructivist, social psychological perspective. This
questionnaire combines items from [17] and [27] and
was presented online. Items are primarily Likert-type
and enable derivation of an overall score and subscores (each out of five) for distinct aspects of ethnic
identity. These scores provide means of quantifying
the gradient nature of ethnic identity.
2.3.

Materials

Female
Male
Female
Male
Total

Analysis

2.2.1. Phonetic data

2.3.1. Segmentation

Data used in this study were elicited using the AusTalk [13] wordlist task, which contains a total of 322
words. Within the wordlist, there are six words with
/l/ in absolute word initial position and 23 with /l/ in
absolute final position in stressed syllables. Speakers
produced three repetitions of each word in the list (although some tokens are excluded due to incidental
poor recording quality or speaker production issues).
For this analysis, we use all six of the words with initial /l/ and eight of the words with final /l/. Ongoing
work will analyse all of the words.
Data for the Lebanese Australian corpus were
recorded in a sound treated recording booth at the researcher’s institution using Charter Oak E700 Microphones with Aphex 1100 MKii preamp and a BSS
DPR-402 compressor. Data were recorded using a
Digidesign 003 rack firewire soundcard using Samplitude Pro X Suite as the software, and were recorded at 16 bit 44.1 KHz. Details of the AusTalk recording protocols are available in [13]. AusTalk data
used in this study come from the local subset, which
were recorded in the same sound treated recording

Data were first automatically segmented at the “phoneme” level using the AusE model in WebMAUS
[21]. In order to prepare for later analysis following
[5], data were then labelled in Praat [4] for four intervals: lateral onset, lateral steady state, lateral offset,
and vowel steady state; however, for the present analysis, we are only interested in the lateral steady state.
Following [5], the primary cue for segmentation was
F2, as “an approximately steady region of F2 [is] visible on the spectrogram” [17]. Nevertheless, since F1
and F3 also show somewhat consistent patterns in laterals [23, 30], these were used as secondary cues
when F2 was insufficient.
After segmentation in Praat [4], data were transferred to emuR [33]. Extracted formant tracks were
corrected in the EMU-webApp [32], and F1 and F2
were extracted at the midpoint of the lateral steady
state.
While F3 has been shown to be important in the
analysis of /l/ darkness [e.g., 28], this will be pursued
in future studies.
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Figure 1: F2-F1 values (Bark) across word positions
grouped by ethnicity and gender.

2.3.2. F2-F1 metric

The phenomenon of /l/ darkness lies not just in the
values of formants independently, but in the relationships between the formants. F1 is lower and F2 higher
for clearer /l/s, whereas F2 is lower (due to dorsal retraction), and F1 is higher in darker /l/s. The F2-F1
metric is used to capture this relationship and is commonly used in studies of /l/ darkness [18, 20, 24], thus
also allowing for cross-linguistic and cross-dialectal
comparison with reported values.
2.3.3. Bark normalization

Formant frequencies (Hz) were Bark normalized in
keeping with the common practice in similar studies
[e.g., 19, 20]. Bark normalization is based on the principle that, since /l/ darkness is a perceptual phenomenon, a perceptual scale like Bark is more appropriate
for providing numerical descriptions of the phenomenon than raw Hz frequencies [c.f., 6].

(Bark) values: (darker /l/) male final <* male initial
<* female final <* female initial (clearer /l/).
The ethnicity × position interaction affirms that
for both ethnicity groups, initial /l/ have higher F2-F1
(Bark) than do final /l/ (Lebanese Australian,
p < .001; Anglo-Celtic Australian, p < .001).

2.3.4. Statistical analysis

3.1.

Statistical analyses were performed using linear
mixed effects regression modelling in lme4 [2] in
RStudio [29] with Microsoft R Open [25]. Model selection was aided by the step function in the lmerTest
package [22], with best-fitting models confirmed using likelihood ratio tests. Post-hoc analysis was performed using Bonferroni adjusted p values, and only
results with p values < .05 are treated as significant.

The output of the best fitting model to account for
sociophonetic variability in Lebanese Australians’ /l/
production, as measured by F2-F1 (Bark) is shown in
Table 2 below.

RESULTS
Figure 1 shows boxplots of F2-F1 for /l/ grouped by
position, gender, and ethnicity. According to the
model of best fit for these data, there are significant
main effects of gender, position, and ethnicity, and interactions between gender × ethnicity, gender × position, and ethnicity × position.
As can be seen in figure 1, and confirmed by the
modelling, women have higher F2-F1 (Bark), suggestive of clearer /l/, overall compared with men of their
same ethnicity, p < .001. Likewise, Lebanese Australians have higher F2-F1 (Bark) (clearer /l/) than Anglo-Celtic Australians, p = .0429, and initial /l/ have
significantly higher F2-F1 (Bark) (are clearer) than final /l/ (which are darker), p < .001
The gender × ethnicity interaction confirms the
main effect of both gender and ethnicity; Lebanese
Australian women have higher F2-F1 (Bark) (clearer
/l/) than both Anglo-Celtic Australian men, p < .001,
and Lebanese Australian men, p = .009
The gender × position interaction is significant
for all combinations of the terms’ levels. This enables
the ordering of a cline from lowest to highest F2-F1
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Results: Lebanese Australians’ /l/ variability

Table 2: Final linear mixed effects model for F1-F2
(Bark) in /l/ for both speaker groups. Random intercepts
are speaker and word.

(Intercept)
Gender: male
network subscore
position: initial
gender: male × network subscore
gender: male × position: initial
network subscore ×
position: initial
gender: male × network subscore ×
position: initial

β
6.54
-2.25
-0.36
0.00

SE
0.64
0.95
0.19
0.40

t
10.22
-2.36
-1.89
0.00

p
<.001
.026
.069
.999

0.42

0.30

1.94

.174

1.66

0.42

3.95

<.001

0.67

0.08

7.95

<.001

-0.48

0.13

-3.65

<.001

The three-way interaction identified by this
model is also shown in figure 2. Here we see that for
initial /l/ produced by Lebanese Australian women
and men, as the density of their social network increases, so too does their F2-F1 (Bark) (i.e., the /l/s
become clearer. In final position, there is no effect for
men, but for women, the opposite effect occurs; as

their social network becomes more Lebanese, their final /l/s become darker.
Figure 2: LMER model fits for F2-F1 (Bark) values in
Lebanese Australian /l/: interactions between position,
gender, and social network score

Lebanese Australian women with strong, dense ties to
the Lebanese community make a sharp distinction between dark /l/ in final position and clear /l/ in initial
position, showing a “classic” English pattern, and certainly no evidence of “substratum transfer” for this
variable. A similar effect was found in their VOT system: for voiceless /p t k/, as their sense of ethnic identity increased, so too did their positive VOT [8]. This
serves as a crucial reminder in the study of ethnicity:
the linguistic behaviour of men and women must be
considered separately—not simply because of differences in vocal tract lengths, but because men and
women are socialised into their ethnicities differently,
and, likewise, the linguistic performance of their ethnicities will be different [16].
CONCLUSION

DISCUSSION
The F2-F1 analysis presented here shows a consistent
effect of position in the word on F2-F1. This suggests
that there is a positional effect for clear-dark /l/ in
AusE, whereby initial /l/s are clearer and final /l/s are
darker. This effect is robust: it is found across two
contemporary speaker groups and, while there are
complexities to the data (discussed further below), the
effect of position remains significant in each subsequent analysis and interaction.
Between the two groups, there is no major difference in the production of /l/ (based on F2-F1 (Bark)):
it is only when we decompose the samples and draw
comparisons on the basis of position and gender that
differences emerge, and, here, we find that, Lebanese
Australian women tend to have higher F2-F1 (Bark)
values, suggesting clearer /l/ productions. However,
in terms of position, both the Lebanese Australian and
Anglo-Celtic Australian groups have significantly
clearer initial /l/s and significantly darker final /l/s.
Variability among Lebanese Australians’ /l/s is
explained by a three-way interaction between gender,
social network score, and word position. This accords
with previous findings for Lebanese Australians,
where male speakers’ voiceless stop VOT decreased
as social network score increases. Further, social networks are known to be an important factor in sociolinguistic variation [26], and play a key role in the development of ethnolinguistic repertoires [7].
Considering the pattern shown by the Lebanese
Australian women, in both the initial and final positions, this pattern is particularly interesting if we consider their VOT results [8, 9], as it suggests the emergence of a larger pattern of sociophonetic behaviour.
For word initial /l/, as the social network becomes
more densely Lebanese, /l/ becomes clearer. For word
final /l/, the reverse is true: the increase in Lebanese
social network density is associated with darker /l/.
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This sociophonetic study of /l/ in Australian Englishes as spoken by those with mainstream, AngloCeltic, and those with Lebanese ethnic identities
shows that, in accordance with [11] AusE does have
positionally distributed clear and dark “variants” of
/l/. Future comparison with published values on other
varieties will allow greater clarity on AusE’s status a
“dark” /l/ variety as argued by [31].
We find no overall group differences in /l/ darkness between Lebanese and Anglo-Celtic Australians; however, Lebanese Australian women have
clearer /l/s than other groups. Considering this alongside previous gender-based findings will be enlightening, as will further exploration of individual differences in speakers from both ethnic groups.
Future work, as part of the larger project, will involve analysis of dynamics of formant trajectories in
VL and LV sequences, and analysis of the vowel system, to enhance the present analysis.
The results of this study raise additional questions
for future research. Studying the social perception of
this variable would be enlightening: what does a Lebanese Australian /l/ sound like to speakers within and
outside of the community? Are results reported here
socially meaningful for speakers? This would provide
a more definitive set of answers about the sociophonetic status of /l/ in (Lebanese) Australian English.
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ABSTRACT
This experiment assessed the validity of a statistical
classification method for automated coding of
sociophonetic variables, in particular the presence vs.
absence of English non-prevocalic /r/. A random
forest classifier was trained on 180 acoustic measures
from 5,355 tokens of /r/ (hand-coded as Present or
Absent) in a variety of English with variable rhoticity;
the classifier achieved 87.9% accuracy on training
data. The classifier was then used to predict the
probability of /r/ presence in 32,099 additional tokens
from the same variety.
Eleven phonetically trained listeners judged 60
classifier-coded tokens as Present or Absent.
Judgment results indicated a significant positive
linear relationship between classifier probability and
human judgments; classifier probability also
outperformed individual acoustic measures (e.g., F3
minimum) in predicting human judgments. These
results both validate this random forest classifier
method for automated coding of sociophonetic
variables and indicate the viability of modelling
phonetic variation using classifier probability.
Keywords: rhoticity, random forests, speech
perception, sociophonetics, acoustic phonetics
1. BACKGROUND
English non-prevocalic /r/ is acoustically complex,
but the typical approach to understanding variable
rhoticity in sociolinguistics is to treat it as binary,
varying between Present and Absent (or rhotic/r-ful
and non-rhotic/r-less) [1, 3, 6, 12, 17]. Under this
approach, inter- and intraspeaker variation in /r/ is
represented in terms of proportions, with speakers
and varieties said to be more rhotic if a greater
proportion of their /r/ tokens are Present. However,
inter-coder reliability is notoriously low for rhoticity,
even among phoneticians [13, 27].
In cases where sociolinguistic research treats /r/ as
continuous, it is typically in terms of F3 minimum,
with lower F3 corresponding to a greater constriction
and thus a ‘stronger’ /r/ [8, 15]. By contrast,
approaches to English /r/ in acoustic phonetics have
found a complex array of cues to rhoticity: a greater
lag between F3 minimum and the end of the token
[14], longer duration and lower F2 [22], spectral
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information below F3 [9], and a lack of frication noise
immediately after the token [23]. Complicating
matters further, rhoticity subsumes distinct
articulatory strategies with different acoustic
consequences [13, 28]. In sum, despite widespread
intuition that /r/ is not a categorical variable, it is not
at all clear that F3 is the best means for modelling
continuous variation in /r/. Indeed, it is likely that the
acoustic complexity and heterogeneity of /r/ is in part
what makes /r/ so difficult to code reliably.
We trained a random forest classifier on tokens of
variable rhoticity in natural speech that were coded as
/r/ Present or Absent. The classifier then used 180
acoustic measurements contained in the training set to
decide whether uncoded /r/s in natural speech should
be coded as Present or Absent; the model produces,
for each token, a probability that it contains /r/
(classifier probability). Tokens that are assigned high
probabilities by the classifier strongly resemble, in
multiple ways, tokens of /r/ known to be Present.
Tokens with lesser probabilities contain fewer
properties that are typical of the acoustic signature of
/r/. Our initial goal was to efficiently produce binary
codes for a large dataset, allowing us to proceed more
quickly with a robust sociolinguistic analysis. This
paper explores the additional possibility that the
random forest model can also be used as a composite
measure of the gradient presence of /r/. We test the
hypothesis that, in addition to providing a binary
categorization for uncoded data, classifier probability
may be a useful and meaningful index of gradient
rhoticity in its own right. Our research questions are:
1. What is the relationship between classifier
probabilities and human judgments of
English non-prevocalic /r/?
2. How does classifier probability compare to
individual acoustic measures of /r/ in
predicting human judgments of /r/?
In order to explore these questions, we selected 60
classifier-coded tokens for a perceptual task in which
11 phonetically trained listeners judged tokens as
Present or Absent and rated their confidence. We
performed statistical modelling of these judgments
and confidence ratings to determine to what extent
classifier probability and individual acoustic
measures predicted human responses to /r/; we find
significant agreement between classifier probability
and human judgments. We thus see this method as
addressing both a practical need (automated

annotation of large data sets) and a theoretical need
(determining which acoustic properties best
characterise /r/).
2. RANDOM FOREST CLASSIFIER
Previous research has found variable rhoticity in the
Southland region of New Zealand [1]. Our corpus of
Southland English includes over 83 hours of
sociolinguistic and oral history interviews from
speakers born 1868-1998. It includes several
thousand /r/ tokens that were hand-coded by a single
researcher. We fit a random forest classifier to these
hand-coded tokens.
Random forests are an extension of classification
and regression trees, which recursively partition data
into successively smaller subsets at each tree node by
finding the independent variable that minimises
variation in the subbranches under the node.
Individual trees select from among random subsets of
independent variables at each split. The ensembled
trees in a forest are averaged to a consensus on which
predictors are most important [24]. Unlike many
modelling techniques, random forests do not suffer
when predictors are collinear [16, 21]. Random forest
models can also perform classification on unseen data
[see e.g. 19].
Our random forest classifier was trained on 5,355
hand-coded tokens of non-prevocalic /r/ from 28
individual speakers (89–229 tokens per speaker;
28.3% of all tokens coded as present). This training
set excluded tokens for which there were missing
measurements, or for which F3 measurements at the
25%, 35%, 75%, or 80% timepoints were outliers.
For each token, we extracted 180 acoustic
measures across the sequence of vowel plus possible
/r/ (e.g., start, nurse). Our choice of features was
guided by two aims: producing a well-performing
classifier, and resolving persistent uncertainty about
the acoustic features that best characterise /r/ [e.g., 8,
9, 14, 22, 23, 28]. The latter aim also meant that we
did not introduce any social factors or linguistic
factors above the level of phonetics (e.g., speaker
gender, vowel phoneme, stress) into the classifier; we
also wanted to avoid the classifier over-learning
extra-phonetic features, as these features may have
applied in different degrees to the training vs. test
sets. This second aim is also why we did not use
features like mel-frequency cepstral coefficients that
are popular in the fields of signal processing and
speech recognition [e.g., 25], opting instead for
measures that have more currency in acoustic
phonetics. The measures were:
● Formant measurements at 13 timepoints.
These measurements were normalised by
subtracting the speaker’s mean word-initial /r/
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midpoint measurement for that formant from
the raw measurement.
● Formant maxima and minima (speaker
normalised) and the normalised time at which
maxima and minima were found
● Formant ranges (raw maximum minus raw
minimum), and slopes (range divided by
normalised time)
● Differences between raw formant values at 13
timepoints (e.g., differences between F2 and
F1, F3 and F1)
● Formant bandwidths at 13 timepoints
● Pitch maxima and minima, normalised
timepoints of maxima and minima, pitch
range, and pitch slope
● Amplitudes at F3 maxima and minima
● Token duration, z-scored by speaker.
These measures were entered into a random forest
in R using the packages ranger and caret [10, 18, 26].
Binary /r/ was the dependent variable. This forest
included 1,000 trees, tested 13 variables at each node,
used a Gini splitting rule, had no minimum node size
restriction, and measured variable importance via the
Gini index.
To test classifier performance against hand-codes,
classifier probabilities were converted to binary codes
by specifying a probability cutoff at which tokens
would be coded Present. Preliminary testing found
that accuracy was optimised by using a probability
cutoff at 0.579065. Within the training set, prediction
accuracy was assessed via cross-validation; in four
rounds, the training set was split into training and test
subsets via the 0.632 bootstrap estimator and SMOTE
sampling to resolve the imbalance in Present and
Absent classes [4, 5]. This procedure found a
prediction accuracy of 87.9%, which compares
favourably with human coders’ 84–86% inter-rater
reliability for /r/ [13].
We then used the classifier to predict 32,099
additional tokens of non-prevocalic /r/ in our corpus.
The classifier coded 19.8% of these tokens as Present,
with a mean classifier probability of 0.40.
3. JUDGMENT TASK
3.1. Stimuli and task

Stimuli were selected from among classifier-coded
tokens to represent a range of classifier probabilities
and to control for additional independent factors that
affect /r/ in this community. We restricted our stimuli
to tokens uttered by men in stressed syllables in
content words, with preceding NURSE and a following
sonorant. To control for any effects of metrical
structure, we selected only monosyllables. Sixty such
tokens were selected to span the range of classifier

probabilities, with 32 tokens coded Absent and 28
coded Present by the classifier. Stimuli were created
by extracting the relevant word from the audio file,
resampling the word to 22050 Hz, and scaling the
word’s intensity to 70 Pa.
Eleven phonetically trained listeners were asked to
judge each stimulus as Present or Absent and to rate
their confidence on a scale from 1 to 5. Listeners
heard each stimulus word twice, with a 750ms buffer
between repetitions. Listeners performed the task
with headphones on individual computers. All
listeners were proficient English users who lived in
NZ at the time of the experiment. Five listeners selfreported speaking English with rhotic accents, six
with non-rhotic accents; four listeners self-reported as
non-native speakers.

human judgments. The model with a restricted cubic
spline for classifier probability failed to significantly
improve the model fit indicating a linear rather than
nonlinear relationship (χ²[1] = 0.02, p = 0.89).
Figure 1: Classifier probability vs. human
judgments for each stimulus (dots), with fitted
effects line and 95% confidence band from best
model of judgments.

3.2. Analysis

Listeners’ proportion of Present judgments was
highly variable (M = 0.5038, SD = 0.1897, range =
0.13–0.87). Mixed-effects modelling was performed
in R [18]; judgments data (binary) were modelled via
logistic regression in the lme4 package [2], and
confidence data (continuous) via linear regression
with Satterthwaite approximations for degrees of
freedom in the lmerTest package [11, 20]. For both
judgments and confidence, the baseline model
included classifier probability and following segment
(/l, m, n/) as fixed effects, with random effects for
listener and stimulus; additionally for confidence, the
stimulus random effect was nested within word and
there was a random slope of classifier probability by
listener. Confidence was modelled separately for
stimuli judged Present (n = 332) vs. Absent (n = 327).
We also modelled classifier probability as a
restricted cubic spline with three knots in the R
package rms [7], but these were never significantly
better than the baseline models. Finally, to address
research question 2, we ran models of judgments
where classifier probability was replaced by
individual acoustic measures; since these models
were not nested within the baseline model, their loglikelihoods were compared to that of the baseline.
4. RESULTS
4.1. Stimuli and task

The baseline model of judgments revealed a
significant positive effect of classifier probability on
human judgments (β = 3.73, z = 5.91, p < .0001),
indicating that stimuli with greater classifier
probabilities were more likely to be judged Present;
this relationship is evident in Figure 1 below.
Following segment was not significant (ps > .60).
This baseline model proved to be the best model of
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4.2. Confidence

The baseline model of confidence for stimuli judged
Present revealed a significant positive effect of
classifier probability on confidence ratings (β = 1.51,
t[14.63] = 3.14, p < .01), indicating that listeners were
more confident in judging stimuli with greater
classifier probabilities as Present. However, in the
baseline model of confidence for stimuli judged
Absent, classifier probability had no significant effect
on confidence ratings (β = −0.28, t[9.60] = −0.68, p =
.51), indicating that listeners’ confidence when
judging stimuli as Absent was not related to classifier
probability. This relationship is evident in Figure 2.

Figure 2: Classifier probability vs. mean
confidence rating for stimuli judged Absent vs.
Present (darker dots received more judgments), with
fitted effects lines and 95% confidence bands.

4.3. Individual measures

To test whether classifier probability improves on
individual acoustic measures, we ran three additional
models of judgments, where classifier probability
was replaced by (z-scored) individual acoustic
measures: raw and speaker-normalized F3 minimum;
and F3-F1 at 60% of the token’s duration (the topranked variable in importance in the classifier). In all
of these models, the individual measure significantly
affected human judgments in the expected (negative)
direction (ps < .005). However, the model with
classifier probability as the main predictor
outperformed them all (classifier log-likelihood:
−383.72, individual measures: −387.8–−394.39).
Of course, the stimulus sample was chosen to
systematically represent a range of classifier
probabilities, while we did not specifically sample for
F3 minimum and other individual measurements.
However, repeating the above comparisons with
subsamples to match for distribution shapes across
different predictors still points to the superiority of
the classifier model (classifier log-likelihood:
−151.56, individual measures: −160.50–−158.91).
5. DISCUSSION
Predictions from a random forest classifier trained on
binary coded data can accurately predict gradient
responses of human listeners.
This gradience is seen in two ways. First, while
listeners varied substantially in the likelihood of
hearing an /r/, the classifier was able to predict their
behaviour as a group (cf. figure 1). And second, when
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individual listeners did hear an /r/ as Present, the
classifier was able to predict how confident they were
in that judgement. This was not true when they coded
the /r/ as Absent. That is, listeners tend to hear
different degrees of /r/ presence more clearly than
they hear different degrees of /r/ absence.
These results suggest several important
implications for sociolinguistic and phonetic studies
of /r/. First, they shed some light on the acoustic
complexity of /r/ by indicating individual acoustic
cues that best predict humans’ binary classification of
/r/. The difference between F3 and F1 shortly after the
midpoint emerged as the cue that contributed to
classifier performance most. However, listener
behaviour was best predicted not by any individual
acoustic cue, but by the classifier probability, which
was able to consider a range of acoustic properties.
The percept of an /r/ is almost certainly influenced by
a conglomerate of acoustic properties - and no
individual property may be reliably present across all
tokens. While our human listeners vary considerably
in the degree to which they hear an /r/ on any
occasion, a model based on a collection of acoustic
cues can predict their group responses, and their
confidence in judging /r/ presence, more accurately
than any individual acoustic cue.
Second, the significant correlation between
classifier probability and human judgments further
validates the use of a random forest classifier to
perform automated coding of /r/. Together with the
classifier’s high rates of prediction accuracy (as
demonstrated by cross-validation within training
data), these experimental results provide validation of
the method. This is methodologically welcome, given
that the categorical coding of /r/ (and other
sociolinguistic variables) is a time-consuming task
that represents a bottleneck in the process of carrying
out sociophonetic research. Further, while individual
listeners appear to vary considerably in the degree to
which they ‘hear’ /r/, probabilities from a model
based on a single listener can capture group patterns
accurately. A single listener's binary ratings can
therefore be combined with the associated acoustics
to generate gradient predictions which can accurately
capture how a wider community would perceive the
tokens. This gradient metric therefore seems likely to
be a much more reliable measure of /r/ presence than
the individual rater's binary ratings alone
Finally, the fact that classifier probability and
human judgments exhibit a linear relationship adds
weight to the interpretation of /r/ as an inherently
gradient, rather than binary sociolinguistic variable.
Listeners hear /r/ as present to different degrees, and
this variability correlates well with a token’s acoustic
properties.
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ABSTRACT
This paper calls attention to evidence of a phonetics
laboratory founded within the modern languages
department of the University of Western Australia in
Perth at the surprisingly early date of 1913.
Investigation of the role of phonetics in language
teaching at this period reveals a large number of early
members of the IPA engaged in language teaching in
Australia and suggests that for a time the IPA’s
Certificate examinations were effectively treated as
language-teaching qualifications in Australian
colleges and schools. We refer to the worldwide
vogue enjoyed by phonetics laboratories in the years
following 1900, and the ambitious claims advanced
for their relevance in language teaching. The life,
career and publications of the Perth laboratory’s
founder, Ebenezer F. E. Suddard (born 1878) are
surveyed, and the instruments of his laboratory
identified.
Keywords: Australia, history of phonetics, phonetics
laboratory, kymograph, Suddard.
1. HISTORY OF PHONETICS IN AUSTRALIA
The history of phonetics in Australian universities is
widely considered to begin in 1940, with the first
publication from A. G. Mitchell (1911–1997) on the
pronunciation of Australian English [15]. A series of
increasingly sophisticated auditory-impressionistic
studies followed, from Mitchell and others [16], [9].
In the mid-1960s, a phonetics laboratory was begun
at the University of Sydney, equipped with the thenindispensable Kay spectrograph. Instrumental and
quantitative work began to appear both from John
Bernard in Sydney [6] and from G. R. Cochrane at the
University of Queensland [10]. During the 1970s, an
informal network of linguists and computer scientists
formed itself by degrees, and with the energetic
urging of Bruce Millar [14], into the Australian
Speech Research Association, the antecedent of
today's thriving Australasian Speech Science and
Technology Association (ASSTA) which celebrated
its 30th anniversary in 2018, and is hosting this
congress.
The history just outlined helps explain why 1913
seems an unexpectedly early date for an Australian
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phonetics laboratory. But the Perth laboratory was
located in a department of modern languages, and its
founder was appointed not as a speech scientist or
phonetician, but as a lecturer in French and German.
This serves to remind us of something easily
forgotten: that a century ago the chief constituency
for phonetics everywhere was among teachers of
modern languages.
2. PHONETICS AND LANGUAGE TEACHING
Though some valuable information is given in [7] and
[8], we have not found any general history of modern
language teaching in Australia. But a powerful
connection between phonetics and language teaching
in the early years of the twentieth century is not hard
to trace in Australia as in many other parts of the
world.
2.1. The IPA

Membership records of the International Phonetic
Association show that from its foundation until 1930
there were at various times no fewer than 65 members
with a postal address in Australia, more than 40% of
them being women. Only a few of their careers have
yet been traced in any detail, but there are clear
indications that the majority were language teachers,
working in secondary or tertiary education—
sometimes both (the boundary between the two
spheres was more fluid a century ago).
Today we associate the IPA principally with the
upkeep and development of its phonetic alphabet, but
far more important among its original priorities was a
set of revolutionary pedagogical principles for
language-teaching (essentially those of the Reform
Movement [13]). These ideas enthused language
teachers at all levels, and directly influenced
educational policies. By 1910 George Gibb
Nicholson (1875–1948), a lecturer at the University
of Sydney (and later the first holder of the
McCaughey chair of French), was announcing in the
IPA’s journal Le Maître Phonétique that the
regulations for the Senior Public Examination now
included the stipulation that “candidates should learn
to make phonetic transcriptions” in IPA symbols, and
that annual courses in the phonetics of French and
German would henceforth be offered in the

University. Now officially endorsed in the Manual of
Public Examinations, Passy’s Les sons du francais
[18] would, said Nicholson, become “the bible of
teachers of French in New South Wales” [17].
2.2. The IPA Certificate examination

In 1908, building on pioneering work done by Paul
Passy (1859–1940) and Wilhelm Viëtor (1850–
1918), and developed by Daniel Jones (1881–1967),
the IPA Council formalised a scheme for a Certificate
of Proficiency in phonetics, available in the three
languages French, German and English (the last
continues to the present day) [4]. Alongside
elementary coverage of relevant aspects of phonetic
theory, the examination particularly emphasised
practical skills such as ear-training dictation. Being
the only formal qualification then available in
phonetics, the Certificate “met a real need, signalling
both knowledge of and practical ability in phonetics.
This was especially important in the period before
phonetics became an established subject in degree
syllabuses” [4].
Several of the early members in Australia were
IPA Certificate holders. Some arrived ready-qualified
from Europe, others travelled in the opposite
direction to perfect their French or German (or both)
and gain the Certificate(s) before returning to
Australia to teach. An example is Margaret Stonard
Schollick (1864–1934), “the first person in
Melbourne”, wrote her obituarist, to go to Paris and
gain the “phonetics diploma” under Passy [2]. In 1912
Miss Schollick lectured at the University of
Melbourne on “the practical use of phonetics in
teaching French under present conditions”, and had a
long career teaching in Victoria schools and at the
university.
2.3. Experimental phonetics

The IPA did not have a complete monopoly over
phonetics. From the late 1890s, the distinct faction of
experimental phonetics gained a zealous following,
and some of its adherents stayed aloof from the IPA.
But in that approach to phonetics too, the relevance to
language teaching was insisted upon [3], and by 1905
instruments such as the kymograph were described to
the layman as “machinery for teaching
pronunciation” [12]. Laboratories proliferated: by
1916, around 25 had been started, mostly in Europe
[3].
3. SUDDARD
When the newly-founded University of Western
Australia advertised its first post in modern languages
in 1912 , a well-qualified young Englishman called
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Suddard submitted an application in which he stated
that “[m]y speciality is pronunciation”, and that
experimental phonetics was his chosen “research
domain”. Given the backdrop which has been
sketched, these statements would not have appeared
surprising or disadvantageous. The new university
had not set out to appoint a phonetician or acquire a
laboratory, but when it selected Ebenezer F. E.
Suddard as lecturer in French and German, it got them
anyway.
3.1. Sources

The four known publications by Suddard on
phonetics [20]–[23] are all contained in a volume
with the Catalan title Estudis Fonètics published in
1917 under the editorship of Pere Barnils (1882–
1933) [5]. It was the first (and only) progress report
from a short-lived (1915–1918) laboratory at the
University of Barcelona, where Suddard worked
briefly after his time in Perth. It was these
publications, especially [23], which first alerted us to
the existence of the Perth laboratory, though his
career in Australia also turns out to be fairly well
documented in UWA archives, contemporary
newspapers, and civil records.
3.2. Education, qualifications, testimonials

Ebenezer Francis Edward Suddard was born in
London in 1878, and received an accelerated out-ofschool education from his father, who was a private
tutor cramming aspirants for the Royal Military
College, the Civil Service, etc. When he was six, the
family moved to Germany, purposely close to the
French border near Metz so that the boy could acquire
both languages. At nine he was given a Hanoverian
governess, selected to impart her “impeccable”
German accent, and at twelve he was sent to Tuscany
to learn Italian. From age 17 he lived in Paris, at first
studying fields as diverse as engineering and music,
but eventually focusing on languages and literature.
He studied at the Sorbonne and the École des Hautes
Études and gained the license (for which he offered
five languages). In 1909 he was appointed Lecturer in
German and English at the University of Montpellier,
under the direction of Maurice Grammont (1866–
1946), who had started a phonetics laboratory there as
early as 1904 [19]. But as a British national, Suddard
had no prospect of promotion in a French university;
this made an appointment in Australia attractive.
He applied to Perth with testimonials from an
impressive range of prominent academics, among
them Daniel Jones, who wrote that he knew Suddard
personally, had heard him lecture, and that Suddard
spoke French “exactly like a Frenchman”. Walter
Rippmann (1869–1947) likewise praised Suddard’s

German. Grammont mentioned not only Suddard’s
linguistic abilities, but his competence in
experimental phonetics; he thought it likely that
Suddard would advance “this new science” [24].
4. SUDDARD AT PERTH, 1913–1915
Suddard arrived in Perth for the university’s inaugural
term in March 1913 and apparently wasted no time
before starting to order books and the instruments of
a laboratory. He appears to have returned to Europe
at least once during his tenure to purchase “phonetic
apparatus”, and no doubt to chivvy the instrumentmakers and suppliers whose leisurely approach to
fulfilling the orders he placed so frustrated him.
The collection of instruments eventually
assembled in Perth is shown in Figure 1.
Figure 1: The instruments of the Perth laboratory, c.1915
(grouped together on one table for the photograph)
[23: page 256].

limitations. He was particularly troubled by the
uneven running of badly-engineered clockwork
kymographs, which could produce local fluctuations
in the time scale visible to the unaided eye. He made
the interesting point that a measurement—a pitch
determination, say—is only worth having if it is
reliably more precise than a judgement made by a
good ear.
He was evidently practical and dextrous. When
delicate apparatus was shipped to Australia and was
found to be damaged, he confidently set about
repairing it himself. He modified and improved
mechanisms. He experimented with different
materials for the writing-points on the markinglevers. He gives us an insider’s survey of the
apparatus available, its makers, the prices they
charged, and how much care they took when shipping
their wares around the world. We can probably learn
more about the techniques, makeshifts and
frustrations of actually using the apparatus of this era
from Suddard than from any other source.
5. THE IDEAL LABORATORY

At left is a Dictaphone for audio recordings, and to
the right of that a large clockwork-driven horizontal
kymograph by the French maker Teinturier. The Leitz
microscope at front was used for detailed examination
of kymograph tracings and of the grooves in cylinderor disc- recordings. What resembles a mundane desk
lamp at far right is in fact a miniature arc-lamp and
optical system, also by Leitz, providing brilliant
illumination for microscopy or direct inspection of
the vocal tract. Faintly discernible in the background
at left is a wall-chart displaying phonetic symbols.
Suddard favoured the Dictaphone because of its
pedal-operated pause facility, and the relative ease of
repeating the playback of selected sections.
Suddard’s published papers draw on his
experiences in France and Spain as well as Australia
and we cannot always be certain in which laboratory
particular research results were obtained. But running
though all his work—and perhaps reflecting his
youthful interest in engineering—is a concern to
understand his apparatus and determine its
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Suddard is at his most interesting, however, when he
sets out his proposals for the ideal laboratory [23]. He
imagines himself free of financial constraints: “The
first requirement is a kymograph, or better two”. As
for the costly microscopes that he considered
essential for making measurements, “you will need a
dozen … of various types”. The laboratory will also
need two phonographs, a dictating machine, two
gramophones (one from HMV, the other Pathé), at
least two still cameras (one is to be stereoscopic), a
movie camera and projector—and so the list goes on.
His specification for the premises of the laboratory
is even more fanciful. Most of the laboratories which
flourished rather briefly at this time consisted at best
of a single room. In Perth the entire modern languages
allocation (laboratory and teaching space too) was
one room in a wooden building which became
intolerably hot in summer (“for three months it may
be practically impossible to work”). So Suddard
imagined a large airy building surrounding a central
quadrangle (Figure 2), with brick or stone walls 18
inches thick, and huge sliding floor-to-ceiling
windows on all sides (all equipped with outside
shutters, and both Venetian blinds and blackouts
inside). It has a spacious laboratory, lecture theatre
and library, and various ancillary facilities such as a
special-purpose photographic darkroom. Rather than
a design for a laboratory, his ambitious proposal is
more like the specification for an entire phonetics
institute.
We can read this last paper of Suddard’s as a satire
on the conditions in Perth and mockery of those who

had tried to curb his spending: “Do not pay the
slightest attention,” he says, “to what people may
think (—remember we are still in the Dark Ages), but
buy anything you think fit, in the beard of the
Academic Inquisition. They would like to roast you,
but if you are fortunate, you may go unscathed”.
Presumably these were the same people he ridiculed
for thinking that “rabbit-hutches are big enough for
labs”.
Figure 2: The floor plan of Suddard’s ideal laboratory. The
central quadrangle C is 70′ (21 m) on each side. D is the
main laboratory, lit by the enormous bow window E. A is
the lecture hall, with platform, B, while G is a library. The
smaller rooms all have dedicated purposes [23: page 245].

But on the other hand, despite the humour,
Suddard’s proposals may have had a serious purpose.
The university was at first housed in inadequate
wooden and corrugated iron buildings in the centre of
Perth, but it was always intended that a site would be
found, and a proper campus designed and built [1].
His hope may well have been to lodge an early claim
on a plot at the future campus with his imaginative
scheme for a beautiful and well-equipped phonetics
institute. Certainly, if it had been built it would have
been the finest anywhere, and might have attracted
researchers from all over the world. The subsequent
history of speech science could well have been rather
different.
Interestingly, Daniel Jones was not long
afterwards to develop an ambitious plan for his own
Institute of Phonetics. It was to be on a monumental
scale; had it been built it would have covered threequarters of an acre in central London [11]. Detailed
plans were drawn, and the ground-plan, with its
central quadrangle and various other corresponding
elements, invites comparison with Suddard’s.
Suddard has not previously been suggested as a
possible influence on Jones, but we know that the two
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met and talked. Besides, a copy of Estudis Fonètics
containing Suddard’s plan was on the bookshelves in
the Phonetics Department, and is still preserved at
UCL.
6. SUDDARD AFTER PERTH
Suddard’s laboratory—“improvised in a distant part
of the world” as he put it—did not last long. He had
been one of only 12 foundation staff with which the
university opened (8 professors and 4 lecturers, each
the sole representative of their subject area). But he
gained “the doubtful distinction of being the only
member of the teaching staff selected by the original
Senate whose appointment was not renewed at the
expiration of his first term in office” [1]. The precise
reason is unclear but evidence may yet come to light
in UWA archives.
By March 1917 Suddard was back in Europe, and
apparently out of a job. His publications of 1917 are
signed off at various locations in Spain—successively
Alicante, Madrid, and Granada. For the rest of his life
we catch only sporadic glimpses of his whereabouts
from embarkation documents and censuses. He
appears to have lived for a time in Puerto Rico. The
last documentary trace of him is an address in
Hollywood, California in 1942, when he was 63. We
have not discovered the date of his death.
His work has remained neglected for a hundred
years. But he deserves to be known, if only because
he worked in three of the earliest phonetics
laboratories, and was personally acquainted with
many of the protagonists in the field. He was almost
certainly the first Briton to be paid a salary for
working in a phonetics lab.
He met Daniel Jones at least as early as 1912—the
very year in which efforts to create a phonetics
laboratory at UCL got under way. The phonetic
kymograph which was developed soon afterwards at
UCL had all the features and improvements that
Suddard identified as desirable. It had a horizontal
drum, a powerful electric drive, good speed
regulation, and was manufactured and sold by a
British firm, just as Suddard had hoped.
Suddard may be forgotten, but it seems not
impossible that he had some influence, nonetheless.
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ABSTRACT
Speech has been studied for hundreds of years, but
relevant observations often blend with errors due to
different biases and the lack of instrumental means.
The functioning of the larynx was especially prone
to speculation. Before the laryngoscopic era, only
excised or artificial larynces could be studied.
Laryngoscopy was founded by J. N. Čermák when
he significantly improved the laryngeal mirror.
Another development was the use of stroboscopy to
examine the vibratory mechanism of the vocal folds
in addition to the shapes of the glottis, followed later
by high-speed cinematography. The article shows
the contribution of Czech researchers to the field, in
terms of both methods and findings. It also describes
a recently discovered copy of a film from 1928
capturing the activity of the vocal folds.
Keywords: larynx, vocal folds, laryngeal mirror,
history of phonetics, Czech phonetics.
1. INTRODUCTION
It could be argued that phonetics asserted itself as a
science in the late nineteenth century, when speech
and pronunciation started to be studied systematically
and determinedly, as a domain of its own. In addition
to the activities of the IPA (founded in 1886),
experimental phoneticians like Rousselot began to
analyze the stream of speech with the help of a
variety of instruments and experimental setups to
support direct auditory analysis. However, there is
no shortage of observations about pronunciation
throughout the centuries before the advent of
phonetics. Authors from different backgrounds and
with different motivations published, in varying
degrees of detail and precision, descriptions of their
languages in terms of articulation [14, 28, 23, 19, 16,
35] or later also acoustics [20, 7, 36, 17]. The
laryngeal sounds were especially prone to speculation
given that the vocal folds and the larynx are hidden
from direct visual examination. Even Wolfgang von
Kempelen was suggesting that the vocal folds are
open during [h] and the fricative noise is due to
increased breath [35].
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This article presents an overview of how laryngeal
activity and the general mechanism of vibration
were investigated at different periods. Naturally, only
a limited group of researchers can be discussed here.
The selection of Czech phoneticians to the exclusion
of other nationalities is motivated by (1) a rich history
of laryngeal research in the Czech environment, (2)
the high impact of some of the researchers on the
field in terms of methods, technologies and some
specific results and (3) the language advantage of
the author, who can communicate not so easily
accessible Czech texts to a wider audience.
Connections to the European context are discussed
only when especially relevant, also partly because
the degree of influence due to interactions with other
phoneticians was minimal.
2. BEFORE LARYNGOSCOPY:
J. E. PURKYNĚ (1787–1869)
Jan Evangelista Purkyně was a 19th century polymath
and especially an esteemed physiologist. His
scientific output was extensive and overwhelming,
covering all aspects of physiology, from cell theory
or heart and brain tissues to sight, hearing and
speech organs [18]. Purkyně’s early phonetic
experiments concern visualization of sound waves
and also various hearing-related issues [9, 31].
Crucially, he wrote a book on speech physiology
[27], which was presented in 1832 to the Berlin
academy of sciences and published several years
later in Polish and Czech translation. The book deals
with speech organs, the production of speech and its
perceptual qualities. Note that it precedes classics
such as Brücke’s 1856 Grundzüge der Physiologie
or Bell’s 1867 Visible Speech.
It can be argued that Purkyně’s most significant
contribution was perhaps methodological in nature
[9, 18]. He conducted experiments and gathered
precise observations, from which he inferred about
the functions of the organs. He called the method
“subjective observation”, comprising self-observation
and sensual introspection. In terms of speech,
Purkyně used proprioception, a mirror to look into
the mouth cavity, and also his fingers, which he
inserted into the throat to feel the epiglottis and other
organs.

We will limit the discussion to Purkyně’s
treatment of laryngeal sounds. He attributes the
qualities of [ɦ], a voiced laryngeal fricative, to the
vocal folds and the setting of the larynx. He observes
that it is usually bound with the neighbouring vowel,
a sort of voiced aspiration (breath), and as such has
no specific position of the speech organs above the
glottis [27: 95]. It should be stressed that Purkyně
had no means to directly observe the shape of the
glottis. Yet, thanks to his anatomical knowledge and
through proprioceptive feedback in the larynx, he
was able to describe the production of laryngeal
sounds in substantial detail. As regards the Czech
phone, he correctly states that the vocal folds close
into vibratory position in the front part, whereas the
back part (between the arytenoid cartilages) remains
open to allow air pass through the glottis.
Also, Purkyně compared the articulation of the
glottal stop [ʔ] to the bilabial plosive [p], as he could
hear, at the moment of sudden opening of the vocal
folds, a subtle “explosion”, just like the lips produce
after [p].
3. LARYNGOSCOPIC INVESTIGATION:
J. N. ČERMÁK (1828–1873)
A radical advance in the description of laryngeal
sounds could occur after the laryngeal mirror was
invented. When Jan Nepomuk Čermák (Czermak),
Purkyně’s pupil and protégé, started to employ these
instruments during his stay at a Vienna physiological
laboratory, they had been in use for some time (by
García, Türck and others), but the mirror was
impractical and considered of no benefit to doctors.
Čermák, however, realized the potential. He
substantially improved the mirror, its shape and
especially the lighting setup (Fig. 1 and 2). It was
now possible to use artificial light instead of the
unsteady sun, and the procedure was also refined to
allow relatively painless examination. Čermák is
therefore widely credited with the foundation of a
new field, laryngoscopy [8, 29, 1].
Čermák worked hard and published copiously
(see his collected works [4]). He constantly travelled
around Europe to demonstrate the new instrument
and its advantages to doctors, scholars and the public
alike. Anybody could look at the vocal folds now
(while Čermák was examining himself, another
person could be observing as well; see Fig. 2).
Čermák studied Arabic speakers so that he would
understand the articulation of their “exotic” sounds.
But, above all, he re-examined the production of the
laryngeal fricatives in order to substantiate
Purkyně’s subjective findings (see [22]).
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Figure 1: Čermák’s laryngeal mirror [3: 16].

Figure 2: Laryngoscopy setup with
observation and demonstration [3: 99].

self-

Čermák introduced the laryngoscopic method and its
application in physiology and medicine in the book
Der Kehlkopfspiegel (1860). He minutely described
[3: 36-64] what was visible during laryngoscopy of
his own larynx. He compared normal and strained
breathing (Fig. 3a,b), showed the movement of the
arytenoid cartilages and the vocal folds into the
phonatory position and the final shape of the glottis,
which is different for low and extremely high tones
(Fig. 3c,d), and explained how a triple hermetic seal
is accomplished through adduction of the vocal folds
proper, the false vocal folds and the lowering of the
epiglottis (Fig. 3e). His physiological observations
were concluded by the description of laryngeal
sounds (see Fig. 3f for [h]). The glottal stop is
equated with the laryngeal seal.
Phonetically, Čermák’s most valuable contribution
is a paper discussing specifically the laryngeal
sounds. In contrast to Kempelen, he stresses that the
fricative [h] is differentiated from breathing and is
characterized by an “ordering of the larynx
structures” that creates a “narrowing” of the glottis
along its whole length, resulting in the “particular
friction noise” [6: 751-752]. By manipulating
subglottal pressure and width of the glottal opening,
we can create a variety of h-sounds (not all of them
being linguistically relevant). Moreover, if the
glottis is narrowed extremely, a strong airflow will
cause vibration of the vocal folds. Depending on
minuscule adjustments of the laryngeal structures,
breathy or normal phonation can arise. The Czech

voiced fricative [ɦ] is a combination of noise and
vibration in a special setting: „that part of the
outgoing airstream that passes through the [anterior
glottis] is set into rhythmical pulsations and a tone
arises”, while the part which “passes through the
motionless [posterior glottis] instigates a plain
friction noise” [6: 757].
Figure 3: Shapes of the glottis for normal and
intense breathing (a., b.), phonation during low and
high tones (c., d.), glottal closure (e.) and glottal
fricative (f.). According to Čermák [3: 101].

in the position of a glottal stop. In contrast, after both
voiced and (unaspirated) voiceless sounds the
vibration starts immediately, without an audible
onset. Finally, Čermák considers whisper a different
type of voice, in which laryngeal noise replaces
vocal fold vibration as the source of sound.
The influence of Purkyně and Čermák is most
apparent in Brücke’s work (see [9, 22] for details
and evidence in his correspondence). The second
edition of Brücke’s Grundzüge [2] contains frequent
references – every few pages – to their publications
and research (Purkyně’s name appears 25 times
throughout the book). Crucially, the section on
laryngeal sounds is dominated by Čermák (five
references); Purkyně is mentioned twice, and two
other researchers once.
Figure 4: An artificial larynx used in Čermák’s
lecture demonstration [5: 71].

Unlike Purkyně, Čermák was also immensely
interested in the mechanism of phonation. In 1869,
he delivered a two-part lecture on “Stimme und
Sprache” (“Voice and Speech”) in Jena. Fortunately,
it was published among his collected papers [5].
Čermák first talked about the anatomy of the larynx,
the shapes of the glottis and the vibratory
mechanism, discussing both aerodynamics and
muscle activity. Moreover, he demonstrated that
pitch depends on tension and length of the vocal
folds. He used an artificial and an excised larynx
during the lecture (Fig. 4), concluding that “the
larynx of a deceased has sung!” [5: 71]. Čermák also
noted that as pitch increases, the vibrating part of the
glottis gets shorter. He explained that this occurs
when the bases (or even the whole length) of the
arytenoid cartilages touch, reducing the portion
where the vocal folds can vibrate [5: 85].
In addition to discussing ways of voice control,
Čermák also differentiates four ways of voice
initiation [6]. Aspiration arises when the vocal folds
are originally wide open, so that a full tone is briefly
preceded by an h-coloured sound. An “explosive”
beginning occurs when the vocal folds are originally
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4. CAPTURING VOCAL FOLDS ON FILM:
BOHUSLAV HÁLA (1894–1970)
Although laryngoscopy sparked a breakthrough in
voice research (and the instrument was among the
earliest acquired by Prague’s Institute of Phonetics),
the temporal resolution of the human eye was still a
limitation. The movements of the vocal folds are too
rapid to observe during phonation. As a solution,
stroboscopy was applied, for the first time by Oertel
[24], to “slow down” the vocal folds in an optical
illusion caused by an interrupted source of light
synchronized with the fundamental frequency. What
is then discerned is a “whole” glottal cycle assembled
in fact from different phases of several subsequent
cycles [32]. Alternatively, one could capture all
vibrations – even irregular ones – by high-speed
cinematography (hundreds of frames per second) and
then play them back at a slower rate. Both approaches
were used by Czech phoneticians.
In 1928, a film capturing the movements of the
vocal folds was created by Bohuslav Hála, a

phonetician at Prague’s Institute of Phonetics, and his
medical collaborator dr. Honty. It was first screened
in 1930 at the Fourth International Congress of
Logopedics and Phoniatrics held in Prague, and at a
congress in Germany a year later [10: 14]. The
authors also published a detailed description of the
procedure along with some results from Czech [11,
12]. They used both stroboscopy (employed
previously by Panconzelli-Calzia [15, 26]) and highspeed cinematography (for the first time!). Figure 5
shows the equipment needed.
A well-preserved copy of the film has recently
been discovered in the archives of the institute. It
was the first work of this kind worldwide, long
unsurpassed [25] and the quality of the images –
both technically and from a researcher’s perspective
– is still stunning. The vocal folds are seen in great
detail and sharpness. Čermák’s static laryngoscopic
drawings (see Fig. 3 above) are confirmed, and the
film provides new information on the dynamics of
phonatory activity. As an illustration, Figure 6
comprises two images taken from the stroboscopic
record of Czech [a] and also the depiction of the
voiced [ɦ], which merits special attention.
Figure 5: The equipment
cinematography [11].

for

high-speed

5. STROBOSCOPY IN PRACTICE: MILOŠ
SOVÁK (1905–1989)
In the 1930s and 1940s, another Czech was
investigating the activity of the vocal folds. Although
Miloš Sovák, a speech pathologist, was not a member
of the Institute of Phonetics, he was Hála’s student
and later close collaborator (see e.g. their popular
book Voice-Speech-Hearing [13]) and he lectured on
voice hygiene at the faculty. Sovák was a specialist
in stroboscopy, using the technique regularly with
his patients. Based on twenty years of clinical
experience, he published two books that became the
standard reading for Czech voice clinicians. One
deals with the physiology of vocal fold activity
during phonation in normal patients [32], the other
with the examination of pathological cases [33]. Both
are characterized by a critical discussion of the
already extensive literature in the field and by
rigorous verification of previous claims through
well-controlled direct observation and also through
experimentation with excised and artificial larynces.
6. VIDEOKYMOGRAPHY: JAN ŠVEC (1966–)
A recent development was the improvement in highspeed video by Jan Švec and his international team
[34, 30]. Their idea was to capture individual
vibrations and display them on a screen in real time
without slow motion. Only one line is selected in the
image of the vocal folds, and it is displayed in a
vertical pattern line by line on the screen. In addition,
Švec currently conducts research into laryngeal
modelling and the mechanisms of phonation [21].
7. CONCLUSION
This article presents a brief overview of the
contribution of Czech phonetics to the investigation
of the larynx and laryngeal activity. After an epoch
of anatomical description and experimentation with
non-living larynces, Čermák introduced laryngoscopy
into vocal fold examination and elucidated the
production of laryngeal sounds. This breakthrough
allowed other researchers to utilize direct observation
of the vocal folds. In 1928, Hála created the first highquality cinematographic record of vibrating vocal
folds, an unprecedented feat at the time. Last but not
least, the interest of Czech researchers in the
functioning of the human voice continues until today.

Figure 6: Two phases from the production of [a]
on the left; voiced [ɦ] on the right [11].
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ABSTRACT
The symbol ⟨ə⟩ in the International Phonetic Alphabet
was given the special name "Schwa". In fact,
phoneticians use this term to denote two different
meanings: A precise and specific physiological
definition - "a mid-central vowel" - or a variable
reduced non-defined centralized vowel.
The word "schwa" was borrowed from the Hebrew
grammar vocabulary, and has been in use since the
10th century. The Tiberian Masorah scholars added,
already in the late first millennium CE, various
diacritics to the Hebrew letters, to denote vowel signs
and cantillation (musical marks). Practically, we can
consider them as phoneticians who invented a writing
system to represent pronunciation. They used the term
[ ְׁשוָאʃwa] and graphically marked it with a special
sign (two vertical dots beneath a letter [ ְׁ ]).
The linguistic schwa ə and the Hebrew schwa
share a few characteristics, but they are actually
distinct. The common name causes misunderstandings
and mistakes.
Keywords: History of schwa; Hebrew; Phonetic
Universals; Phonology-Phonetics.
1. INTRODUCTION
The symbol ⟨ə⟩, a rotated lowercase letter e in the
International Phonetic Alphabet, was given the special
name "Schwa" (or "Shwa"). In fact phoneticians use
this term to denote two meanings:
1. On the one hand, this IPA schwa has a precise and
specific physiological definition: "a mid central
vowel". Acoustically the formants for a schwa as
spoken by an adult male, whose vocal tract is 17.5
centimetres long, are: F1 at 500 Hz, F2 at 1500Hz,
and F3 at 2500 Hz. People whose vocal tracts are
longer or shorter than 17.5 cm will have different
frequencies for these formants, but the pattern of
1x-3x-5x will be the same (e.g. [8, 16, 3]).
2. On the other hand, practically, phoneticians use the
same term "schwa" and its sign [ə] to describe also
a variable reduced non-defined centralized vowel.
Various acoustic and articulatory measurements
have proven that schwa vowels are very variable in
quality and can occupy almost any position in the
vowel space (e.g. [1, 5, 3, 18]).
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We will refer here to those two kinds of schwa as
"the linguistic schwa", to distinguish them from what
we call " the Hebrew schwa".
2. HISTORY OF THE "SCHWA"
The word "schwa" was borrowed from the vocabulary
of the Hebrew grammar, which has been in use since
the 10th century. The Tiberian Masorah scholars
added various diacritics to the Hebrew letters to
denote vowel signs and cantillation (musical marks).
Actually, we can consider these scholars as
phoneticians who invented a writing system to
represent their Hebrew pronunciation. Already in the
10th century the Tiberian grammarians used this
Hebrew term ( ְׁשוָאpronounced [ʃva] in Modern
Hebrew), and graphically marked it by two vertical
dots beneath a letter [ ְׁ ], as underneath the first letter
of this Hebrew term שוָא
ְְׁׁ .
The Masorah scholars were very economical in
using signs, and did not refrain from using the same
sign for different purposes. In order to make sure that
the meaning of a sign will be clear and lead to a
precise pronunciation, they described the phonetic
values of these signs in their numerous medieval
manuscripts. (Description of several of the Tiberian
Massorah publications can be found in various
encyclopaedias. A short Introduction to the Massorah
see [7].) If we follow their descriptions we will never
confuse the pronunciation of one sound with another
sound although they have the same sign. E.g. The
Hebrew sign for schwa [ ְׁ ] has two meanings: The
mobile schwa and the silent (quiescent) schwa:
1. The silent schwa is always at the end of a
syllable, and it indicates a zero vowel sound.
2. The mobile schwa is always at the beginning of a
syllable, and the sign only indicates shortness.
All other Tiberian vowel signs mark vowel
qualities, but the mobile schwa by itself does not
indicate the quality of a specific vowel; it only
indicates that the vowel is short. As for the
quality of this schwa, it is susceptible to its
neighbours, and can be one of the 7 vowel
qualities of the Tiberian vowel system. In their
numerous publications the Tiberian scholars give
precise rules for the pronunciation of the schwa. I
summarized these rules in table 1:

Table 1: The Tiberian rules for the pronunciation
of the mobile schwa
A. The quality of a schwa under a letter

segmental context. It is a short vowel that lacks a
well-defined target, and therefore it co-articulates with
the surrounding segments and naturally it tends to
gravitate towards the centre of the vowel space. In the
corpus of the Tiberian Bible we can find minimal
pairs, like the ones shown in table 2, of short vowels
contrasting regular ones, as well as of short vowels
contrasting with each other.

preceding a guttural letter imitates its vowel,
Table 2a: Short vowels contrasting regular ones

but is pronounced short. Examples:
1. In a word like [ וְ ִאםwĭˈʔim] ('and if') - the

  בְ ֵאר/bĕˈer/
('well')

schwa is a short /ĭ/;
2. In a word like [ בְ ֵארbĕˈʔer] ('well') - the schwa
is a short /ĕ/;

 ל ְָעְּם/lˈʕɔm/
('to a nation')

3. In a word like [ בְ ֶא ֶרץbɛ̆ˈʔɛrɛsʼ] ('in a land') the schwa is a short /ɛ̆/;

 ְּ דּ ֳִּמי/dˈmi/
('be silent')

4. In a word like [ וְ חַ גwăˈħag] ('and a holiday')

 ְּ צ ֳִּרי/sʼˈri/

the schwa is a short /ă/;
5. In a word like [ ְבְּעָ םbɔ̆ˈʕɔm] ('in a nation') the

('medicine')
 ְְּּ ֳּע ִני/ʕˈni/

schwa is a short /ɔ̆/;
6. In a word like [ ְתהוֹםtŏˈhom] ('abyss') the
schwa is a short /ŏ/;

('misery')

~ ְּ בֵ ֵאר/beˈer/
('explained')
~  לָעָ ם/lɔˈʕɔm/
('to the nation')
~ מי
ְִּ ָ ד/dɔˈmi/
('my blood')
~  צָ ִרי/sʼɔˈri/
('my enemy')
~ְְּּעָ ִני/ ʕɔˈni/ ('you (f.)
answer!')

Table 2b: Short vowels that contrast each other

7. In a word like [ ְדּעוּdŭˈʕu] ('you should know')

 ְְּּאֲ ִני/ʕă'ni/

the schwa is a short /ŭ/.

('I, myself')

B. The schwa under a letter preceding a

 ְְּּ עֲנוּ/ʕă'nu/

consonantal "yodh", /j/, is pronounced a short

('you (p.) answer!')

/ĭ/, as in [ בְ יָדֵ ְךbĭjaˈdeχ] ('in your (fem.) hand').

 ְּ ֲע ִלי/ʕă'li/

C. In all other cases the mobile schwa is realized
[ă[, as in [ בְ נֵהbăˈne] ('you (mas.) build!').
(These rules are according to the Tiberian Massorah
publications and are repeated in Hebrew grammar
publications of the 10-14th centuries (e.g. [9, 12, 13]).
It is worthwhile mentioning that these Tiberian
rules are meticulously kept to these days in prayers
and in the reciting of the Hebrew Bible by all the
Jewish Yemenite communities [12, 13]. However, in
Modern Hebrew, the historical mobile schwa is
realized either as the phoneme /e/ or as zero (complete
absence of a vowel).
3. SHORTNESS IS PHONEMIC IN TIBERIAN
HEBREW
The quality of the Tiberian mobile schwa is
contextually variable, and it assimilates with its
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('you (f.) go up!')
 ְּדּ ִמי/dă'mi/
ְ
('I, myself')
 ְּ ֲחְּ ִלי/ħă'li/
('ornament')

~ ְְּּאֳּ נִי/ʕ'ni/
('fleet')
~ְְּּעֱנוּ/ʕĕ'nu/
('you (p.) sing!)
~ ְְּּ ֱע ִלי/ʕĕ'li/
('pestle')
~  ד ֳִּמי/d'mi/
('you (f.) be silent!)
~ חֳּ לִי/ħ'li/
('illness')

We cannot agree with the saying "vocalic schwa is
pronounced in reading traditions as an allophone of
zero" (e.g. [20]). It is true that contrasts like the ones
shown in Table 2 are not as common as contrasts
between regular vowels, but, as we say, "once a
phoneme - always a phoneme"; therefore shortness is
phonemic in Tiberian Hebrew. To conclude, Tiberian
Hebrew had 7 qualities of regular vowels and 7
qualities of short ones, as shown in Fig. 1.

 The Tiberian schwa has seven different vowel
qualities as described in Table 1, and they represent
several phonemes, as can be seen in Table 2a&b. In
contrast, the linguistic schwa is more centralized and
usually does not represent more than one phoneme.

Figure 1: The double vowel system of the

Tiberian Hebrew

6. MISTAKES CAUSED BY THE USE OF THE
COMMON "SCHWA" NAME

4. INTRODUCING THE HEBREW TERM
SCHWA INTO EUROPEAN LINGUISTICS
In the late 19th century the Hebrew term schwa was
introduced into European linguistics by the German
philologist Eduard Sievers. Sievers used this term for
“the neutral vowel” in his descriptions, and this is the
reason why we use until today the German spelling,
"schwa" [10].
The symbol ⟨ə⟩ was used first by Johann Andreas
Schmeller for the reduced vowel in his 1821 grammar
of Bavarian German. He described specific properties
of a particular dialect and needed a way to represent
actual pronunciations; therefore he offered the ⟨ə⟩
symbol.
The phonetician Alexander John Ellis, in his
phonetic alphabet (the palæotype alphabet), used ⟨ə⟩
for the similar English sound, and from there it found
its
way
to
the
IPA
charts
(https://en.wikipedia.org/wiki/Schwa;
https://en.wikipedia.org/wiki/Alexander_John_Ellis;
dictionary.com)
Before people started referring to ⟨ə⟩ as “schwa”
in English (around 1895), it had many designations:
The murmur vowel, the indeterminate vowel, the
neutral vowel, the obscure vowel, and the natural
vowel (Okrent, 20).
5. COMPARISONS BETWEEN THE TIBERIAN
MOBILE SCHWA AND THE LINGUISTIC
SCHWA
The Hebrew schwa and the linguistic schwa share a
common name, but in some ways they are different
and in some ways they share phonetic similarities:
 The Hebrew and the linguistic Schwas are
commonly restricted to unstressed syllables.
Historically they are the outcome of neutralization of
vowel qualities or of epenthetic vowels inserted to
break up consonant clusters.
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 Quite a few scholars were misled by the common
name and mixed the Tiberian mobile schwa with
the linguistic one: They wrongly transliterated the
mobile schwa as "ə" (E.g. [11, 2, 17; 19]). As we
have seen, the Tiberian scholars themselves declare
that the quality of the Tiberian schwa is similar to
one of their 7 vowels system.
 Sometimes the grammatical Modern Hebrew
mobile schwa is also transliterated as [ə]. This too
is a mistake, because the historical mobile schwa
merged in Modern Hebrew with /e/ which is
usually pronounced [e] or as zero, not as [ə]! The
Academy of the Hebrew Language's transliteration
guidelines specify that the mobile schwa should be
transliterated only if pronounced in Modern
Hebrew, in which case "e" should be used for
general purposes and "ĕ" for precise transliteration
(Hebrew Language Academy, 2006: 4). Again, in
Modern Hebrew the use of the symbol "ə" is
misleading, because the phoneme /ə/ does not exist
in Modern Hebrew.
 Chayen even claimed that the mobile schwa is a
separate phoneme in Modern Hebrew (see [4]). He
believed that the Modern Hebrew vowel system has
6 vowel phonemes. This is an error, because, as
mentioned above, the historical mobile schwa
merged in Modern Hebrew with /e/, and is usually
realised as [e] or as zero. It has never been realised
as [ə], neither in the Tiberian vocalization nor in
Modern Hebrew (see also [12]).
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ABSTRACT
Students’ engagement is defined as a metaconstruct that includes behavioural, emotional and
cognitive dimensions. This study assesses the levels
of engagement in undergraduate Linguistics students
taking the courses of Phonetics and Phonology.
Informants were part of experimental and control
groups. The experimental group undertook an 18month pedagogical intervention aiming to introduce
students to Laboratory Phonology by following an
instrumental approach to phonetic study using
electropalatography. Activities intended to foster
disciplinary engagement by problematizing content,
asking questions, and planning and carrying out
investigations. Measures of Phonetics and
Phonology engagement were taken from both groups
through a survey comprising indicators of
behavioural, emotional, cognitive and social
engagement. Results obtained from both groups
show that innovative pedagogical intervention seems
to have had an impact on the students that undertook
the intervention indicating that it had a positive
impact on them.
Keywords: student engagement, productive
disciplinary engagement, teaching Phonetics, EPG.
1. INTRODUCTION
When it comes to research on educational
practice, student engagement is regarded as an
important indicator to assess students’ outcomes and
dropout rates, among others [9]. Student engagement
has been presented as a meta-construct that is
composed of several dimensions [8]. There seems to
be agreement in the body of literature on three
dimensions: cognitive, behavioural and emotional
(also referred as affective [13]).
Cognitive engagement is concerned with
investment in learning, considering aspects such as
being thoughtful, strategic, and willing to make
efforts for comprehending complex ideas [9, 17].
Behavioural engagement studies participation,
effort, attention, persistence, positive conduct, and
the absence of disruptive behaviour [2, 8]. Finally,
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emotional engagement looks at the extent of positive
reactions to teachers, classmates, academics or
school [4, 9, 15].
Recent research by Fredricks et al. [10] has called
for the inclusion of a social dimension. This focuses
on students’ prosocial behaviour in classroom and
the quality of interactions with peers around
instructional content [7].
A wide body of research on engagement can be
found at school level and higher education, but not
so much related to specific scientific practices. In
this sense, and as pointed out by Fredricks et al.
[10], it is important to consider that most of research
has looked at engagement from a general perspective
rather than at engagement on specific areas. In
consequence, more research in different contexts and
levels of education and in specific subject areas is
welcome, and so, novel perspectives that look at the
proposed new dimensions (e.g. social).
This paper investigates the levels of engagement
in undergraduate Linguistics students taking the
modules of Phonetics and Phonology, areas where
there is no-known research on engagement. The
objective is twofold: first we seek to identify how
engagement to Phonetics and Phonology can be
permeated by a specific innovative approach to
teaching. Secondly, we hope our research
contributes to a better understanding on how
engagement behaves in other specific scientific
areas; namely, phonetics and phonology.
We address the issue by implementing a
productive disciplinary engagement (PDE) approach
to classroom practice [5, 6]. According to Engle and
Conant [5], student engagement becomes
disciplinary when “there is some contact between
what students are doing and the issues and practices
of the discipline’s discourse”. It has been proposed
that a learning environment structured in a way in
which certain pedagogical strategies are adopted can
foster disciplinary engagement [5]. These strategies
are (a) student problematizing of the subject matter;
(b) authority to address content problems; (c)
accountability to others responsive to shared
disciplinary norms; and, (d) making resources
available to students [5]. Engle [6] states that student

engagement is the core of PDE; for that reason, this
research adopts such perspective by amalgamating
both student engagement and PDE. Appleton,
Christenson and Furlong [1] propose that student
engagement is malleable; therefore, it has shown
potential to be used as a target predictor when
evaluating interventions. The latter view was also
considered by developing a didactic intervention in
which the major contemplations of PDE were
embedded into classroom practice in order to
evaluate its effects on students’ engagement.
A last motivation is that Colombia, where this
research was based, has a unique undergraduate
programme in Linguistics. The country is
linguistically rich, with more than 60 spoken
languages including indigenous, creole and gypsy
tongues. Many of these languages are understudied;
therefore, any efforts made into the direction of
evaluating student engagement to linguistic study
would be highly appreciated.
2. METHOD
2.1 Participants:
16 students of Linguistics at university level
participated as informants. Students were classified
into two groups: 8 experimental and 8 controls.
Participants in the experimental group were firstyear students (mean age of 20.5) who would
undertake the Phonetics and Phonology courses in
the first and second semester of their programme,
respectively. Control informants (mean age of 21.9)
had undertaken the same courses during the two
years immediately preceding the experimental group
and had no special intervention. They did take the
classes with the same professor as the experimental
ones to ensure there were no other didactic dynamics
(different from the intervention) which would
interfere with students’ perceptions. Because of the
high dropout levels of this programme, it was
verified with the registry office that informants in
both groups were active students in order to rule out
a broad disengagement to the area of linguistics.

semester of laboratory practice. Following the
intervention, overall student engagement measures
and also evaluations for each dimension of
engagement (i.e. behavioural, emotional, cognitive
and social) were taken. Results obtained from the
two groups were compared.
2.2.1. Productive disciplinary engagement
innovative pedagogical intervention
In order to problematise the subject matter and give
students the opportunity to get involved into the
scientific practice, as proposed by the PDE
approach, the chance to work in a laboratory setting
with electropalatography (EPG) was given to
students in the experimental group. They worked
with a dentist in the making of artificial palates and
interacted with the software that can be used to
record and analyse acoustic and EPG data.
EPG was chosen to be the centre of the
pedagogical intervention since it would meet the
needs of both courses from a scientific practice
perspective. During the Phonetics class, by learning
about the features and uses of EPG in speech
research, students would reinforce basic concepts of
phonetic theory (e.g. places and manners of
articulation). Whilst in phonology, after being
introduced to the methods and practices of
Laboratory Phonology, students would be given the
authority to problematize content by forming their
own questions and propose a research project. To
that end, the Laboratory Phonology approach was a
perfect bridge to help students link their discussions
on EPG methodology to experimental practice. This
approach proposes that only with greater attention to
fine detail in our empirical studies will we be able to
develop adequate models to understand the
complexity of phonological behaviour [3]. After
having finished their courses, students attended
laboratory sessions in which they could pilot their
proposed research. At the laboratory, students had
access to the actual sources involved in EPG
research, and more importantly, they engaged in real
scientific activities such as producing EPG palates
for specific informants.

2.2 Procedures:
2.2.2. Student engagement measures:
The research was conducted as follows. First, a
productive disciplinary engagement approach was
designed by a Phonetics and Phonology professor to
be incorporated as a sequential process within both
classes. Then, after giving their consent, participants
in the experimental group undertook the intervention
for a period of 18 months. This was settled to take
place while coursing first Phonetics and later
Phonology (one semester each) plus an additional
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Student engagement was measured by a survey that
evaluated behavioural, cognitive, emotional and
social engagement. After reviewing a series of past
studies on engagement measurement (e.g. [9, 10, 12,
13, 16]), the survey proposed by Fredricks et al. [10]
was adopted. The decision was made based on two
major factors. First, the survey measures
engagement in specific areas (math and science).

Second, one of the objectives of its development was
precisely to determine if the items proposed were
important indicators in other academic or scientific
areas [9]. In order to evaluate the appropriateness of
these items, three researchers and professors of
linguistics were requested to review the content of
the items. The researchers considered the items
acceptable. After a final revision by the authors, a
total of 35 items (11 behavioural; 10 emotional; 8
cognitive, 6 social) were included in the survey (see
Appendix for illustration). Participants were asked to
indicate their agreement to each of the 35 statements
on a 6-point scale, with 1 for totally disagree, 2 for
agree, 3 for more agree than disagree, 4 for more
disagree than agree, 5 for agree and 6 for totally
agree. High scores indicated high levels of
engagement.
3. RESULTS
Prior to conducting the main analysis, we first
checked the internal reliability of the instrument.
Cronbach's alpha of the item scores was extracted
using SPSS 25.0 [11] and a satisfactory level of
internal consistency was demonstrated (α = 0,805).
Subsequently, and bearing in mind the ordinal nature
of the data, we applied a normality test which
confirmed responses were skew. As a result, the
Mann-Whitney U test was conducted to test for
significant differences between experimental and
control groups. Finally, in order to describe the
results in a clearer manner, the scale was condensed
to three levels as follows: 1-2 represents low
engagement (negative answers); 3-4 imply
neutrality, and 5-6, indicate high levels of
engagement (positive answers).
3.1. Overall results
Overall results showed that both groups had high
levels of engagement. The majority of answers from
both groups fell within the positive answer range,
85% experimental, and 73.6% controls (79.3%
mean) which represent high levels of engagement in
all informants. In order to test for the effects of the
intervention, we compared the scores from both
groups. A Mann-Whitney U test indicated that
students’ engagement was greater for the
experimental group (Mdn = 5.19) than for the
control group (Mdn = 5.02), U = 35.212, p = 0.021.
Although all participants showed good levels of
engagement, there is an important difference
between groups. First, if we compare the positive
scores, it becomes noticeable that the experimental
group had a better response by selecting their
answers on the higher scale 85% of the times,
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compared to the 73.6% controls obtained on the
same measure. Moreover, when we looked at the
scores that represented neutrality (levels 4 and 5) it
could be seen that the controls had a higher
percentage of neutral answers 25.4% compared to
the experimental ones; 12.9%, which shows control
informants were somehow less engaged and more
willing to give a neutral answer than their
counterparts. Table 1 illustrates these results.
Table 1: Percentage of responses from both
experimental and control groups overall.

1
Negative
2
3
Neutral
4
5
Positive
6

Experimental
0.4%
2.2%
1.8%
1.1%
12.9%
11.8%
45.0%
85%
40.0%

Control
0.7%
1.1%
0.4%
5.0%
25.4%
20.4%
37.5%
73.6%
36.1%

It is important to mention that although both groups
completed the survey at the same time, the control
group had finished their phonetics and phonology
courses earlier. Obtaining prior access to their
answers was a limitation of this study and could
account for the higher percentage of neutral answers
given by control informants. Finally, although
negative answers were very low in both groups, we
hypothesize that the experimental group had a
slightly higher percentage of negative answers due
to the fact that they had to carry out a lot more extra
work (lab practice and seminar readings) than their
counterparts.
3.2. Individual dimensions results
For each of the dimensions, we found that all
participants showed high levels of engagement. The
social engagement dimension had the lowest score
of positive answers with a mean of 70.85% for both
groups. In contrast, the emotional dimension scored
the highest, 88.6% mean for all informants. For the
subsequent individual-dimension analysis, we left
out inferential statistics measures because of the size
of the sample. Table 2 (below) illustrates these
results.
For the behavioural dimension, in charge of
evaluating effort and persistence, positive scores
were higher in the experimental group in respect to
the controls by 11.4 points. Also, neutral answers
were higher in the control group (27.3%) in contrast
to the experimental informants (14.8%). For the
emotional dimension, which looked at students’
feelings while learning, again, the experimental
group scored higher (91.3% positive answers) than

Table 2: Percentages of responses to questions in all dimensions from both experimental (1) and control (2) groups.

Response
1-2
3-4
5-6

Behavioural
1
2
1.1%
0.0%
14.8%
27.2%
84.1%
72.7%

Emotional
1
2
1.3%
3.8%
7.5%
16.3%
91.3%
80.0%

control informants, who got 80% of positive
answers, making it an 11.3-point difference.
Additionally, neutral answers were higher in the
control group (16.3%) with experimental scoring
only 7.5% at this level. The cognitive dimension
measured the answers were higher than the ones of
the experimental group (28.1% vs. 10.9%). Lastly,
the social dimension checked on informants’
prosocial behaviour in classroom and the quality of
their interactions. Positive scores were also higher in
the experimental group in respect to the control by
8.3 points (75.0% vs 66.7%). Neutral answers were
higher in the control group (33.4%) in contrast to the
experimental informants (20.9%).
4. GENERAL DISCUSION AND CONCLUSION
Results obtained from both groups show that the
PDE innovative pedagogical intervention seems to
have had an impact on the students of phonetics and
phonology that undertook the intervention. Higher
levels of positive answers for the experimental group
compared to the control ones, both overall and at
each of the individual dimensions, seem to support
this claim. One fact that appears of salient
importance to us is that independently of
engagement levels being already high, these can be
taken to a deeper level by means of implementing a
pedagogical practice that is focused on scientific
experience, such as the PDE approach [5, 6].
With regard to the individual dimensions, results
concord with what was found at the general level.
At each of the dimensions, we identified a positive
impact after the intervention; however, different
levels of permeability were observed. The one
dimension that reached the deeper levels of positive
answers was the cognitive one, with a 14-point
increase difference. Bearing in mind that the PDE
approach seeks to problematize the subject matter
and gives students the authority to address content
problems, it seems feasible, and comes as no
surprise that the cognitive strategies adopted by
students during the learning process took on the
biggest impact. Conversely, the social dimension
had the lowest rankings of positive answers for both
groups. Moreover, it showed the lowest increase in
the answers of the experimental group in respect to
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Cognitive
1
2
3.1%
0.0%
10.9%
28.1%
85.9%
71.9%

Social
1
2
4.2%
0.0%
20.9%
33.4%
75.0%
66.7%

the control participants. The reason why this is so is
still of great interest to us and should be the focus of
future research. In the light of the results, we suggest
that the social dimension should continue to be
measured within the construct to further investigate
its impact by correlating it to external factors and to
the other dimensions.
Concerning students’ engagement in other
disciplines, the full-scale item measure showed
internal reliability in our research and the results
obtained from each of the subscales also seem
consistent. This suggests that the survey items
proposed by Fredricks et al. [10] to measure
students’ engagement in math and science can be
adapted for other disciplines and, seemingly, at other
levels of education. We are in the process of taking
more students to the laboratory to pilot their EPG
projects so that we can retest the present results, for
both the full scale measure and each of the
dimensions in the light of a bigger sample.
Finally, we wonder about the role EPG played
within the intervention. EPG was chosen, firstly,
because of its practical nature and its ability to adapt
in an interesting manner to the proposed laboratory
practice. Secondly, because it clearly illustrated how
phonetics and phonology bond within the
Laboratory Phonology frame. We wonder whether
similar results could be obtained if choosing other
instrumental techniques.
5. APPENDIX: ITEMS ILLUSTRATION
Behavioural: I don’t participate in class (Reverse
coded); Emotional: I often like to be challenged in
phonetics and phonology classes; Cognitive: I try to
connect what I'm learning to things I've learnt
before; Social: I try to work with others who can
help me in phonetics and phonology classes.
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ABSTRACT
In the late 19th and early 20th century various tools
and techniques existed for vowel characteristic tone
measurements, including the use of such instruments
as tuning forks and resonators. This subtle method
demanding from the researcher a sensitive ear and a
good training nevertheless remained subjective and
depended to a great extent on the explorer’s will.
Contrary to modern data descriptions, most of vowel
measurements were given as precise single values
and not as value areas. Thus several questions arise:
what are the possible reasons underlying the choice
of a concrete value by a researcher? Could this
choice be deliberate? Was it due to the measuring
technique imperfection? What role could tradition
and psychological aspect play?
In order to answer these questions, values
suggested by Helmholtz, Koenig and Rousselot are
analyzed in the present study in correlation with the
descriptions of measurement methods existing at
that time.
Keywords: vowel formants, music intervals, scales,
tuning forks, French phonetics.
1. INTRODUCTION
The observer effect notion appeared only in 20th
century in order to define the influence of the
observer on the results of the experiment and on its
very process, first noticed by Niels Bohr [9].
Although this term refers to quantum physics events,
in its figurative sense it could possibly be
extrapolated to the linguistic field as well.
The aim of the current study is to analyse the
probable influence of ideas, presuppositions or
experimental conditions on the measurements of the
vowel characteristic tones in the late 19th and early
20th century. At that time, the term characteristic
tone was used in parallel with the term resonance or
resonance tone. It can be related to the present-day
term formant. Although L. Hermann introduced [21]
the latter in 1894, the term characteristic tone stayed
in use even in the beginning of the 20th century.
One of the most subjective acoustic experiments
consisted in defining vowel tones with the use of
tuning forks [1, 5, 6, 8, 11, 15, 18]. This technique
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demanded not only an acute hearing from the
experimenter, combined with a high degree of
concentration, but also quite a special articulatory
training. However, many scientists of that period,
including Helmholtz, Koenig and Rousselot decided
on this sophisticated method when exploring the
quality of vowels in various languages.
Unlike today, most of vowels were described
with only one formant [12, 21] that was perceived as
a predominant tone. If one tries connecting it to the
modern source filter theory, in most cases, this
characteristic tone may be related to the F2 [19].
An important detail is that this tone was
described through one precise value. The authors
took into account neither cross-speaker nor withinspeaker variability. In order to find underlying
reasons of their choice, the relationship between the
vowel tones descriptions, the researcher’s thoughts
and the measuring techniques has been considered in
this paper.
A point of departure for the current analysis was
the description of the French oral vowel system by
the “father of experimental phonetics” Abbot Jean
Pierre Rousselot [14, 15, 16, 17, 18]. His results and
commentaries have been compared to those made by
his predecessors Hermann von Helmholtz [6] and
Rudolph Koenig [8].
2. VOWEL TONE DESCRIPTION
2.1. French oral vowel system described by Rousselot

Rousselot provides an accurate description of the
characteristic tone values for all French vowels,
including their variants [15, 16, 17, 18]. As the terms
“phoneme” and “allophone” were not used at that
time, he indicates them as “close”, “middle” and
“open” vowels (for detailed analysis cf. [19]). Only
front rounded oral vowels [y], [ø], [œ] and their
variants have, according to him, two bright
perceivable tones: the tone of the unrounded front
vowel coupled with the tone of the back vowel [17].
For the rest of the vowels Rousselot indicates only
one characteristic tone, though assuming the
presence of other less perceivable tones in the vowel
timbre. He also gives additional variants defining
them as “regional”, even if they belong to other
languages [17, 19].


Figure 1. Schematic diagram of the French oral vowel system described by Rousselot [18]. Dark bars indicate
French oral vowels including their combinatory and positional variants; light bars indicate additional “regional”
variants. Front rounded vowels are shown below the histogram; arrows indicate two tones that compose the vowel
timbre. Different types of lines above the histogram represent four series of octaves. Rousselot’s terms are translated
into IPA symbols; 1 v.d. = 1 Hz.
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2.1.1. Peculiarity of proportions in Rousselot’s
French oral vowel system description

2.2. In search of octaves: results of Helmholtz, Koenig
and Rousselot

The schematic diagram (Fig. 1) demonstrates
frequency values of the characteristic tones
suggested by Rousselot for the French oral vowels
and their variants, including additional “regional”
ones. Front rounded vowels with their variants are
shown under the histogram. Frequency is indicated
in v.d. or “vibrations doubles”, which was a French
unit of measure equivalent to c.p.s. or “cycles per
second”. Both terms were in use before the unit of
Hertz appeared in the 20th century [4, 19].
As one can see from the diagram, Rousselot
perceived vowels F2 as a characteristic tone,
excepting two /i/s, for which F3 seems to be the
most relevant resonance. This observation correlates
with the modern French vowel perception data.
Values of [u] and [o] may also correspond to the F1,
as it was shown in the previous analysis [19].
An amazing fact is that the tones on the diagram
may be grouped into four series of octaves (as the
lines in the upper part of the diagram show). These
very octaves can be found in the composed tone
ratios of the front rounded vowels: one octave for
[ø̞ /œ̝ ], two octaves for [y˕] and three octaves for [y].
Besides, one can clearly perceive that the
sequence of vowels [o, ɔ̝/o̞ , ɑ, a, ɛ, e̞ /ɛ̝, e, i̞ , i]
represents a series of overtones of the sound [u], as
long as they are all multiples of 228 v.d. (Fig. 1).

What are possible reasons for such proportions in
Rousselot’s series of values? Who could influence
his ideas?
As it can be seen from Rousselot’s treatises [15,
18], he was very well acquainted with and
influenced by the famous work of Hermann von
Helmholtz “On the sensation of tones as a
Physiological Basis for the Theory of Music” [6].
This author was the first to define vowel timbre
through two characteristic tones [12, 21], except for
[u], [o] and [a]. According to him, vowels [o], [a]
and [e] represent a series of octaves, if one consider
the second (higher) tone for [e] and not its first
(lower) tone. These vowels give resonance at the
notes b1, b2 and b3 respectively, i.e. at b flat of the
first, second and third octave [6, 22].
Rousselot also quotes the results of another
famous acoustician, Rudolph Koenig, who was
Rousselot’s teacher, colleague and friend [17].
Koenig discovered with a great surprise [8] that
there was the interval of one octave between
elements in the range of the “main” German vowels
[u], [o], [a] and [i]. All these vowels resound at the
note b, starting from the small octave, then rising by
steps of one octave for [o], [a], [e] up to [i]. Koenig
reproduced these very vowels in the sets of tuning
forks accompanied by Helmholtz resonators [11].
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After citing Koenig’s data, Rousselot states with
an unconcealed enthusiasm [18] that he found the
same relationship between his vowels, “his” being
used in a literal sense, as Rousselot describes his
own pronunciation [19]. He assumes that the series
of vowels are transposable from language to
language or within one language and can be related
with musical scales and tonalities [18].

Rousselot transposes Koenig’s octaves, as it can be
seen in Fig. 1, series (1). However, these “mythical”
parallels with the results of the above mentioned
authors on the one hand, and with the musical
tradition on the other hand, do not satisfy Rousselot.
As long as there exist more than five vowels in the
French language, he tries to build up a new octave
series [18], now for the “middle” vowels, i.e. for the
combinatory allophones of the French phonemes
[16]. This sequence of octaves made by “middle”
vowels is presented by the series (2) (Fig. 1): [u̞ ],
[ɔ̝/o̞ ], [ɛ] and [i̞ ].

complicated apparatus [11]. Nevertheless, the further
analysis will be focused on the technique used by all
the authors in order to obtain the results described
above (see section 2.2).
Helmholtz [6] provides us with a wonderful
description of his experiment with a tuning fork.
According to him, “… if a b` < flat > tuning-fork be
struck and held before the mouth while “o” is gently
uttered, or the “o”-position merely assumed without
really speaking, the tone of the fork will resound so
fully and loudly that a large audience can hear it.
The usual a` tuning fork of musicians may also be
used for this purpose, but then it will be necessary to
make a somewhat duller “o”, if we wish to bring out
the full resonance.” [6, p. 158]. He also gives
another comment: “it is particularly remarkable what
little differences in pitch correspond to very sensible
varieties of vowel quality in the neighborhood of a”
(i.e. “la”) and he recommends philologists who
whish to define the vowels of various languages “to
fix them by the pitch of loudest resonance” [6,
p.159]. Koenig and Rousselot give a similar
description [8, 18].

2.2.2. Creating new scales

3.2. Instruments

Rousselot tries not only to find octaves, but also to
discover some equal intervals that would separate
vowels or their variants [18]. He concludes that the
octave should be divided into eight equal parts, and
not into twelve parts (semitones), as in musical
scales. Thus, Rousselot adds some rare regional
variants, as well as vowels from other languages in
order to make his newly invented system complete.
The very possibility of such a “musical” approach is
assumed as a matter of course.

An easy explanation of the vowel tones association
with notes of Western European musical scale would
be the repertoire of tuning forks used by Helmholtz,
Koenig and Rousselot. It is true that in the 19th and
even in the early 20th century, in most acoustic,
psychological or physiological laboratories all over
the world, a set of tuning forks for the C major scale
(Fig. 2) was almost canonic [5, 11].

2.2.1. Transposing octaves

3. TECHNIQUE OF VOWEL TONE
MEASURING WITH TUNING FORKS

Figure 2: Tuning fork on the resonating box;
illustration from Helmholtz’s work [6].

Many new experimental apparatus appeared in the
second half of the 19th century, allowing a much
more objective research of sound in general and
speech sounds in particular [1, 10, 11, 12]. However,
such illustrious scholars and inventors as Helmholtz,
Koenig and Rousselot continued using tuning forks
for the definition of vowel characteristic tones. What
was their method and how could it affect their
results?
3.1. Method

There existed various types of tuning forks and
experiments with their use [2, 11, 18, 19, 20].
Tuning forks could be used with or without
Helmholtz resonators. They could also have a
resonating box. They could be a part of a
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Helmholtz gives an illustration of such a tuning
fork in his treatise (although he also used forks
without a resonating box) and complains [6, p.160]
of the lack of high-pitched forks for the precise
definition of [i]. He also deplores the fact that his
tuning forks allowed measuring with a precision of
one semitone only [6]. However, Helmholtz prefers

using tuning forks for other vowels study, defining
for some of them the second, less perceivable tone
[6]. Many of his observations seem to remain valid
today [21].
In order to improve the situation, Rudolph
Koenig elaborated the tuning fork provided with
special brass sliders (Fig. 3), as he proudly claimed
[8, 11]. Rousselot also used these adjustable tuning
forks [14, 17, 18]. Such instruments enabled a
continuant gradation of tone frequency, surpassing
most of the acoustic instruments of that time [11].
Therefore neither Rousselot, nor Koenig were
limited to the semitones of musical scale in their
observations. However they kept searching for
parallels with western music tones, intervals and
scales.
Figure 3: Tuning fork with sliders; illustration
from Rousselot’s “Principles of experimental
phonetics” [18].

4. PSYCHOLOGICAL ASPECT
One might suppose that validation of frequency by
means of human hearing alone could lead to
mistakes. Nevertheless, this is hardly imaginable,
because Helmholtz was a renowned author of music
perception theory, Koenig started his career as a
violin maker [1, 11] and Rousselot was supposed to
have a music education as well.
Another possible explanation of the results could
be a kind of subconscious “adjustment” of the
researcher’s articulation to the tuning fork’s
frequency. A. J. Ellis, who translated the
Helmholtz’s famous work [6] into English, made a
very interesting remark in footnotes in this relation.
He assumes that even with the use of special
apparatus there may be a “great difficulty <…> on
account of the same speaker in his vowel quality for
differences of pitch and expression, the want of habit
to maintain the position of the mouth unmoved for a
sufficient length of time to complete an observation
satisfactorily, and, worst of all, the involuntary
tendency of the organs to accommodate themselves
to the pitch of the fork presented” [6, p. 159]. The
fact that in this subtle experiment the researcher is at
the same time the experimentalist, the examinee and
the measuring instrument, make these unconscious
articulatory movements possible and may influence
the results of the experiment.
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5. ORIGINS OF MUSICAL NOTATION
USAGE FOR VOWEL DESCRIPTION
The authors’ presuppositions may also have an
impact on the experiment results. For this purpose
the tradition of vowels description should be studied.
Samuel Reyher [13] is supposed to be the first
author who as early as in 1679 gave concrete values
for vowel tones [12], defining them with musical
scale notes and putting them on the musical staff.
Three vowels: [u], [а] (its “most open and bright”
variant) and [i] have intervals of one octave between
them [13, p. 433]. One can find the same octaves
range for these very vowels in some later works as
well (cf. the table given by Viëtor [22, p.18]).
Therefore perception and description of cardinal
vowel tones as a range of octaves existed from 17th
century onwards, though not universally accepted.
Another interesting fact is that Reyher,
speculating on vowels, mentions the names of
Agrippa,
Jacobus
Bonaventura
Hepburnum,
Giovanni Panteo and Fransiscus Mercurius van
Helmont [13]. All of them, as well as Reyher
himself, were well-known cabbalists and aimed at
decoding the “Alphabet of Adam” in order to
understand the mystery of nature and creation [3].
The main goal of their study was to decode the
Hebrew alphabet and to define its main vowels. This
idea can be found even in 19th century and seems to
have had some influence on the number of Koenig’s
tuning forks in the set for five German vowels.
It should also be mentioned that in cabbalists’
works, as well as in 17th century philosophy in
general, a very particular attention was given to the
musical notes and intervals. Authors tried to endow
them with metaphorical meaning. An illustration of
such a symbolism, which is rooted in the ancient
Greek philosophy [3], can be found in the above
cited work by Reyher [13]. Thus the search of
concrete musical intervals between vowel tones may
have its origins in the 17th century philosophy.
6. CONCLUSION
In the current study a very complicated technique of
vowel tone measurements with tuning forks has been
analyzed. Possible factors that could condition the
results obtained by the authors have been
considered. The psychological aspect seems to be of
importance. However, this doesn’t account for the
authors’ search for musical proportions in speech
sounds. It allows to suppose that besides the
psychological factor, the second important factor is
the authors’ way of thinking, influenced not only by
their musical background, but also by the centurieslong cultural and scientific tradition.
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ABSTRACT
This study investigates the parallel encoding of
focus and interrogative meaning in Mandarin
produced by advanced Thai learners of Mandarin.
Mandarin SVO statements and declarative questions
with varying information structure were elicited
through two picture-mediated tasks. The speakers
were native speakers of Thai who were advanced
learners of Mandarin. Our data shows that advanced
Thai learners of Mandarin vary duration, pitch span,
pitch maximum and pitch minimum for encoding
focus in statements, similar to native speakers of
Mandarin. However, their use of prosodic cues to
encode focus in declarative questions is quite limited.
The present study thus provides evidence that
advanced Thai learners of Mandarin mark focus
prosodically in their L2, while they are not nativelike in terms of parallel encoding of focus and
interrogative meaning.
Keywords: second language acquisition, prosody,
prosodic-focus marking, interrogative meaning
1. INTRODUCTION
Prosody plays important roles in speech to convey
communicative meanings, such as highlighting new
information in a sentence (i.e. focus) and encoding
interrogative meanings [6, 7, 9, 14, 16, 18]. Previous
studies support that components of intonation, such
as focus and interrogative meaning, are defined and
organized by individual communicative functions
that are independent of each other in languages [10,
15]. For example, in Mandarin, [10, 15] showed that
native speakers of Mandarin encode focus by
expanding the pitch span and lengthened the
duration of the focal constituent, compressing and
lowering the pitch of the post-focal constituent, but
leaving that of the pre-focal constituent largely
unaffected in read speech. Similar results were also
reported in semi-spontaneous speech [16]. Further,
Liu & Xu [10] revealed an interaction between focus
and interrogative meaning in the form of a boost to
the pitch raising by the question starting from the
focal constituent. Yuan [17] found that focus at the
end of a sentence makes statement intonation harder
to identify but makes question intonation easier to
identify. Together, previous studies revealed a quite
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complex mechanism of parallel encoding of focus
and interrogative meaning in Mandarin.
Due to the observed use of prosody for encoding
focus in languages, such as in Mandarin, the
acquisition of prosodic-focus marking in L2 learners
has recently received considerable attention [3, 4, 8,
12]. It has been suggested that the acquisition of
prosodic focus marking is quite difficult for L2
learners. For example, Chen et al. [3] examined
advanced English learners of Mandarin and found
that the learners produced focus-related duration
changes in a manner similar to native Mandarin
speakers. However, those advanced learners did not
show native-like patterns of in-focus changes in
intensity on Tone 2, mean pitch on Tone 1, and pitch
span on Tone 4.
Despite the considerable attention paid on the
acquisition of prosodic-focus marking in L2
acquisition, little attention has been paid on the
acquisition of parallel encoding of focus and
interrogative meaning. The questions that arise for
advanced learners of Mandarin are thus: 1) whether
and how advanced learners of Mandarin
prosodically distinguish statement and declarative
sentence-medially; 2) whether and how advanced
learners of Mandarin acquire parallel encoding of
focus and interrogative meaning. We address these
questions by examining the Mandarin production of
five advanced Thai leaners of Mandarin, who
averagely had more than five years of Mandarinlearning experience in China and passed HSK
(Hànyǔ Shuǐpíng kǎoshì, translated as the Chinese
Proficiency Test) level 5.
2. METHODOLOGY
2.1. Picture-matching & picture-marking game

We adopted and developed a picture-matching and
picture-marking game [2, 11, 16] to elicit semispontaneously produced statements and declarative
questions respectively with varying information
structure. In the picture-matching game, three piles
of pictures were used: the experimenter and the
participant each held a pile of pictures ordered in a
certain sequence; the third pile of pictures were
scattered around on a table. In the experimenter’s
pictures (Pile A), there was always something
missing, like a subject, an action (verb), an object, or

all three. The participant’s pictures (Pile B) all
contained a complete event. The participant’s task
was to help the experimenter with sorting out
pictures from her own pile and the third pile (Pile C)
that went together.
In the picture-marking game, the participant
needed to seek information of various scopes from
the experimenter by asking a declarative question in
each trial. In the game, two piles of pictures and a
marker were used: the first pile of pictures ordered
in a certain sequence was put in front of the
experimenter and participant (Pile D); the second
pile of pictures was stored in a box and put next to
the experimenter (Pile E); the marker was held by
the participant. In Pile D, there was always
information missing, like a subject, an action (verb),
an object, or all three. In the top right corner of each
picture of the first pile, a small picture was covered
by a sticker. This small picture provided the missing
part which could be correct or incorrect. The second
pile of pictures (stored in the box, Pile E) all
contained a complete and correct event. The
participant’s task was to mark the correctness of the
small picture on the sticker.
By using these two experiments, SVO sentences
with the same word order and lexical components,
which differs in sentence type (i.e. statement vs.
question) were elicited.
2.2. Experimental materials

Both statements and declarative questions in four
focus conditions were elicited via the picturemarking and picture-matching game: narrow-focus
on the subject NP in sentence-initial position (NF-i),
narrow-focus on the verb in sentence-medial
position (NF-m), narrow-focus on the object NP in
sentence-final position (NF-f), and broad focus (BF).
The focus condition and sentence type were set up
by varied context, as illustrated in examples (1) to
(2), where the focal constituents appears in square
brackets.
Target sentence: xiǎo māo jiǎn shū
小 猫 剪 书
The cat cuts the book
(1) NF-i in statement:
Ex: Look! The book! There is also a pair of scissors. It
looks like someone cuts the book. Who cuts the
book?
Pa: [THE CAT] cuts the book.
(2) NF-i in declarative question:
Ex: Look! The book! There is also a pair of scissors.
It looks like someone cuts the book. Could you
open the sticker and take a look at the small
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picture? Then you can ask me a question, I will
help you to check in my box.
Pa: [THE CAT] cuts the book?
We included all the Mandarin lexical tones in the
experimental design, including Tone 1 (high level
tone), Tone 2 (rising tone), Tone 3 (dipping tone)
and Tone 4 (falling tone). The SVO sentences were
constructed by selecting four subject-noun, verbs
and objects in each tone. This resulted in 64 Subjectverb-object combinations. Then, these combinations
were combined with 4 focus conditions. In total, we
had 512 target sentences, and 256 for each picturemediated task.
2.3. Participants and procedure

Five female advanced Thai learners of Mandarin
participated in our experiments (age range: 21-25,
average age = 22.6, SD = 1.62). All participants
were advanced Thai learners of Mandarin who had
passed the HSK test level 5. The highest level of
HSK test is level 6. All participants have more than
5 years of Mandarin-learning experiences. At the
time of testing, all the participants were studying in
China.
All participants were tested individually by a
female experimenter, who was a native speaker of
Mandarin, at the Phonetics Laboratory at Yunnan
University. The experiments were recorded using a
portable ZOOM H1 digital recorder at a 44.1 kHz
sampling rate and 16 bit accuracy. Each session was
also video-taped.
2.4. Acoustic annotation

The auditory recordings from each participant were
first orthographically annotated so that the
participant’s responses could be selected. A strict
selection criterion of the usable data was applied, i.e.
a sentence was considered usable only if it contained
no self-correction and hesitation and was uttered as a
response in the context. In total 96% of the obtained
responses (N = 1852) were included in further
analysis. The usable sentences were subsequently
acoustically annotated in Praat [1]. A textgrid with
four interval tiers (word, tone, sentence, comment),
and two point tiers (pitch, duration) was created for
each target sentence. Every sentence was segmented
into words in the “word” tier, then landmarks
demarcating verb onset and offset, and the locations
of pitch-maximum and pitch-minimum within the
verb were added to the “duration” and “pitch” tiers.
The landmarks for the onset and offset of verbs were
determined according to the information in the
waveform and spectrogram.

The pitch values of the pitch landmarks and the
time values of the word boundaries were
subsequently extracted via Praat scripts. Two
measures from these values were calculated: word
duration (i.e. offset time minus onset time) and pitch
range (i.e. the difference between the maximum
pitch and the minimum pitch). We found that the
majority of the target verbs with Tone 3 (dipping
tone) were produced with either creaky voice or
complex tonal patterns. In order to present a
comprehensible report, the present study will focus
on the results of Tone 1 (high level tone), Tone 2
(rising tone) and Tone 4 (falling tone). In 98 of the
usable responses, the pitch values could not be
reliably measured. These responses were thus
excluded from the analysis.
3. ANALYSIS AND RESULTS

but not in questions, regardless of tones, as shown in
Fig. 1.
Figure 1: Mean duration of sentence-medial
verbs in statement vs. question, n = 5, Ntotal =
1852, Nquestion= 916.

3.3. Pitch span

3.1. Statistical Analyses

Statistical analyses were conducted using mixedeffects modelling in R [13]. In all models, the
SENTENCE TYPE, TONE, and FOCUS were included as
fixed factors, while the speaker (i.e. the participants)
and sentence (i.e. the order of elicitation) were
included as random factors. SENTENCE TYPE had two
levels (i.e. “statement” and “question”), FOCUS had
four levels (i.e. “BF“, NF-f”, “NF-i”, and “NF-m”),
and TONE referred to the lexical tones of the target
verbs, which had three levels (i.e. “Tone 1”, “Tone
2”, and “Tone 4”). Outcome variables were the
duration, pitch span, pitch maximum, and pitch
minimum of the verbs. Following [5], our models
were constructed and evaluated in a stepwise fashion.
When building the models, only the factors and
interactions that significantly improved the fit of the
model were retained until the best fit model was
determined.

For the analysis of pitch span, we found that the
best-fit model was the model which contained the
main effects of TONE, χ2 (2) = 160.87, p < .001,
2
SENTENCE TYPE, χ (1) = 283.75, p < .001, and a
two-way interaction between SENTENCE TYPE and
2
TONE, χ (2) = 8.858, p < .05. The main effect of
SENTENCE TYPE was such that the pitch span of the
target verbs in declarative questions were
significantly wider than their counterparts in
statements (p <.001). By further exploring the effect
of TONE and FOCUS within the sentence type, we
found that the pitch span of the target verbs only
varied with focus condition in statement (p < .05),
but not in questions, regardless of tones, as shown in
Fig. 2.
Figure 2: Mean pitch span of sentence-medial
verbs in statement vs. question, n = 5, Ntotal =
1747, Nquestion= 889.

3.2. Duration

For the analysis of duration, we found that the bestfit model was the model which contained the main
effects of TONE, χ2 (2) = 34.233, p < .001, FOCUS, χ2
(3) = 20.848, p < .001, SENTENCE TYPE, χ2 (1) =
6.219, p < .05, and two-way interactions between
2
SENTENCE TYPE and FOCUS, χ (3) = 11.305, p < .05,
2
SENTENCE TYPE and TONE, χ (2) = 21.69, p < .001.
The main effect of SENTENCE TYPE was such that the
duration of the target verbs in declarative questions
were significantly shorter than their counterparts in
statements (p <.001). By further exploring the effect
of TONE and FOCUS within the sentence type, we
found that the duration of the target verbs only
varied with focus condition in statement (p < .05),

1924

3.4. Pitch maximum

For the analysis of pitch maximum, we found that
the best-fit model was the model which contained
the main effects of TONE, χ2 (2) = 313.66, p < .001,
2
SENTENCE TYPE, χ (1) = 537.47, p < .001, and a
two-way interaction between SENTENCE TYPE and

TONE, χ (2) =34.541, p < .001. The main effect of
SENTENCE TYPE was such that the pitch maximum of

4. DISCUSSION & CONCLUSION

the target verbs in declarative questions were
significantly higher than their counterparts in
statements (p <.001). By further exploring the effect
of TONE and FOCUS within the sentence type, we
found that the pitch span of the target verbs only
varied with focus condition in statement (p < .01),
but not in questions, regardless of tones, as shown in
Fig. 3.

Our results showed that advanced Thai learners of
Mandarin shortened the duration of the sentencemedial constituent of Tone 1, 2 and 4 in declarative
questions relative to its counterpart in statements,
regardless of focus condition. Further, they
expanded the pitch span of the sentence-medial
constituent of Tone 1, 2 and 4 in declarative
questions relative to its counterpart in statements,
regardless of focus conditions. Specifically, they
raised the pitch maximum and pitch minimum of the
sentence-medial constituent of Tone 1, 2 and 4 in
declarative questions relative to its counterpart in
statements, regardless of focus condition.
Interestingly, our results revealed that advanced
Thai learners of Mandarin can vary prosodic cues,
including duration, pitch span, pitch maximum and
pitch minimum for encoding different focus
conditions in statement. However, the use of
prosodic cues to parallel encoding focus and
interrogative meaning seems absent in advanced
Thai learners’ Mandarin. Specifically, there is no
evidence that advanced Thai learners of Mandarin
varied duration, pitch span, pitch maximum, and
pitch minimum for encoding focus prosodically in
declarative questions. In comparison with previous
studies of American English learners of Mandarin
[3], our advanced Thai learners of Mandarin
successfully master the use of duration and pitch for
encoding focus in statement. It might be explained
by the fact that our learners were emerged in L2speaking environment, i.e. China, for more than five
years. However, as we only examined the sentencemedial constituent and exclude the Tone 3 from the
analysis, and, further analysis on Tone 3 and
sentence-final constituent is needed.
To conclude, the present study reveals a
confliction in the use of prosody for parallel
encoding of different intonation components, i.e.
focus and interrogative meaning, in learners’ L2. It
suggests that the successful use of prosody to
encode one component of intonation, e.g., focus,
does not guarantee the parallel encoding of different
intonation components. Thus, the present study
provides evidence that components of intonation,
such as focus and interrogative meaning, are defined
and organized by individual communicative
functions that are independent of each other [10, 15],
from an acquisition perspective.

2

Figure 3: Mean pitch maximum of sentencemedial verbs in statement vs. question, n = 5,
Ntotal = 1747, Nquestion= 889.

3.5. Pitch minimum

For the analysis of pitch minimum, we found that
the best-fit model was the model which contained
the main effects of TONE, χ2 (2) = 249.42, p < .001,
2
SENTENCE TYPE, χ (1) = 51.629, p < .001, and a
two-way interaction between SENTENCE TYPE and
2
TONE, χ (2) =22.942, p < .001. The main effect of
SENTENCE TYPE was such that the pitch minimum of
the target verbs in declarative questions were
significantly higher than their counterparts in
statements (p <.001). By further exploring the effect
of TONE and FOCUS within the sentence type, we
found that the pitch span of the target verbs only
varied with focus condition in statement (p < .01),
but not in questions, regardless of tones, as shown in
Fig. 4.
Figure 4: Mean pitch minimum of sentencemedial verbs in statement vs. question, n = 5,
Ntotal = 1747, Nquestion= 889.
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ABSTRACT
In this study, we investigated the effect of music
aptitude on French and German listeners'
performance at discriminating stress contrasts in
Spanish L2, before and after a 4-hour perceptual
training in Spanish. For the French listeners, results
showed that the better the music aptitude the better
the stress discrimination performance (before and
after training). Regarding German listeners, music
aptitude did not show any effect on the discrimination
of stress contrasts in Spanish L2.
The link between music and L2 stress
discrimination in French listeners (and its absence in
German listeners) suggests that French and German
listeners do not process stress information in the same
way. It might be that, since French listeners, contrary
to German listeners, are not used to stress encoding
mechanism in their native language, they interpret
information related to L2 prosody (such as lexical
stress) in a more "musical way".
Keywords: music aptitude; L2 prosody; lexical
stress; stress discrimination; stress 'deafness'
1. INTRODUCTION
Although initiated decades ago (e.g., [19]), the study
of the existence of a link between language and music
has considerably developed in the last years (e.g.,
special issue Frontiers in Psychology [8]). Among the
extensive research dealing with this link, of particular
interest for the purpose of the present research are the
studies about the influence of musical expertise on
pitch perception.
These studies have mostly dealt with the
discrimination of fundamental frequency (f0) (i.e.,
acoustic correlate of pitch variations) in nonlinguistic material (i.e., tones). The results showed
that the discrimination of f0 variations was more
accurate in musicians than in non-musicians. (e.g.,
[12]). Similar conclusions have been found in studies
using linguistic material in native language (L1) or in
foreign/second language (L2). For example,
researchers (e.g., [14], [10], [11]) asked native and
non-native musicians and non-musicians to hear
sentences and to decide whether the pitch of the last
word was correct or not. Taken together, their results
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revealed that musicians were more sensitive to small
f0 variations than non-musicians, whether in L1 or
L2.
In these studies, although f0 variations were
examined in linguistic material, they did not convey
a linguistic/semantic meaning (i.e., they did have any
distinctive function). Yet, it is well known that f0
variations are used, in some languages, to signal
differences in word meaning. For example, f0
variations are involved in the realization of lexical
stress in languages like Spanish. A change in f0,
coupled with changes in duration and amplitude,
implies a change in the position of the stressed
syllable (e.g., [13]) and thus a change in the word
meaning (e.g., número, '(the) number' versus numero,
'I number' versus numeró, 'he numbered'; the stressed
syllable is underlined). Thus, it is interesting to study,
as we aim in the present research, whether musical
skills enhance the perception of f0 variations when
these convey linguistic meanings.
The examination of the effect of musical skills on
the discrimination of stress contrasts in native French
listeners is of particular interest. Since stress in
predictable in French, French listeners present
difficulties in discriminating stress contrasts in a
second language that has unpredictable stress, like
Spanish (e.g., [3], [4], [5], [16]). On the basis of these
difficulties, researchers have even assumed that
French listeners were phonologically 'deaf' to stress.
(e.g., [4]). On the other hand, native listeners of
unpredictable stress languages, like German or
English, are not supposed to suffer from stress
'deafness' in a second language, since they are used to
stress encoding mechanisms in their native language.
To our knowledge, only three studies have
investigated the influence of musical expertise on the
perception of lexical stress in L2 by French listeners
(e.g., [9], [2], 15]). Using different experimental tasks
(sequence repetition, discrimination of stress
contrasts or identification of the stressed syllable),
they all showed that musical expertise significantly
helped French listeners to discriminate stress
contrasts or to identify the stressed syllable in a
second language with unpredictable stress (i.e.,
Dutch, English, Spanish).
Two aspects differentiate the present research
from the aforementioned studies. First, participants in
the aforementioned studies were classified in two

categories: musicians with many years of musical
experience and non-musicians. In the present
research, the participants' musical skills are not
categorized into musicians and non-musicians, but
are viewed as scores ranging from 0 to 100%.
The second difference with previous studies
concerns the participants' native language. In the
present study, we investigate the impact of music
aptitude on the discrimination of L2 stress contrasts
in native listeners of a language with predictable
stress (i.e., French) and in native listeners of a
language with unpredictable stress (i.e., German).
Our research thus aims to examine whether there
is a relationship between music aptitude and the
discrimination of L2 stress contrasts, and to
determine whether this relationship differs in French
and German listeners.
2. METHOD
Participants took part in 3 experimental sessions (see
Fig. 1). In session 1, they performed a music aptitude
test (i.e., AMMA) and pre-tests. In session 2,
participants were administered a perceptual training
on Spanish lexical stress. In session 3, they performed
post-tests (2 days after training), these tests being
similar to the pre-tests they performed in session 1.
All the tests (AMMA, pre-, post-tests, training) were
run with Praat scripts ([1]).
Figure 1: Experimental design

or different. As in the original test, the differences
between the two melodies were tonal or rhythmic.
2.3. Pre- and post-tests

Participants performed an Odd-One-Out task in the
pre- and in the post-tests. They heard trials of three
segmentally identical Spanish words (e.g., numero).
Among them, two words presented the same stress
pattern (e.g., stress on the penultimate syllable) and
one (i.e., the odd) presented a different stress pattern
(e.g., stress on the final syllable). Participants' task
was to indicate which of the three words was the
deviant word (i.e., 'odd-one-out'; [16]).
2.4. Training

Participants received a 4-hour training on Spanish
accentuation, divided into eight 30-minute sessions
over two weeks (see [17], for details). Half of the
participants received an explicit training, while the
other half received an implicit training. The former
approximated the situation of a pronunciation course,
where participants were given explicit explanations
about the Spanish stress system and performed
exercises commonly used in pronunciation courses
(localization, discrimination and identification of
stress patterns). The latter approximated a situation of
immersion, where the participants received no
explicit explanations and had to perform only one
task during the entire training, namely, a Shape-Word
Matching Task (see [18] for details).
2.5. Data analysis

2.1. Participants

Two groups of learners took part in the study. The
first group was composed of 49 Swiss French
listeners with no knowledge of Spanish or other
Romance language (mean age: 22.29 years, stdev: 2,
age range: 19-27 years). The second group was
composed of 50 Swiss German listeners with no
knowledge of Spanish or other Romance language,
except French (mean age: 21.7 years, stdev: 2.29, age
range: 17-26 years).
2.2. Music aptitude test

We adapted the Advanced Measures of Music
Audiation test (i.e., AMMA) developed by [7].
Participants performed a discrimination task in which
they heard 16 sequences of two melodies. They had
to indicate whether the two melodies were identical
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As far as the music aptitude test was concerned, we
calculated, for each participant, the percent correct as
well as the d' measure taken from the Signal Detection
Theory (see [6]). Regarding the pre- and post-tests,
the percent correct was calculated as accuracy
measurement for each participant. We also computed
the participants difference score by subtracting
his/her score at the pre-test from his/her score at the
post-test.
Statistical analyses were conducted separately for
French and German listeners. For each listener group,
multiple linear regression models were run with the
following dependent variables: percent correct in pretest, percent correct in post-tests and difference score.
The following factors were included in each model:
Music aptitude (centered on the mean), Training
method (explicit/implicit) and the interaction Music
aptitude x Training method. Since the results were
similar with both measurements of music aptitude
(percent correct and d'), we present, in the next
sections, the results related to music aptitude
expressed in percent correct.

3. RESULTS
3.1. Preliminary analyses

In agreement with previous studies, the
performance of the German listeners at pre- and posttests (75% and 81%) was significantly higher than
those of the French listeners (50% and 58%; pre-test:
t(97) = 8.28, p < .001; post-test: t(97) = 7.38, < .001).
The variability found in the performance of both
groups was similar in pre-test (German stdev = 14;
French stdev = 16; F(1, 97) = 0.8, p = .77), but was
smaller in post-test for German than for French
listeners (German stdev = 12; French stdev = 18; F(1,
97) = 5.95, p = .02). Moreover, German and French
did not differ in their performance and variability in
musicaptitude (German = 79%, stdev = 13; French =
77%, stdev = 11; t(97) = 0.73, p = .47; F(1, 97) = 0.82;
p = .37).

(β = 0.94, p < .001), music aptitude and training
method did not (music aptitude: β = 0.19, p =.16;
training method: β = -2.38; p = 0.35). This finding
indicates that the listeners' post-test scores were
strongly related to their pre-test scores, which was
also evidenced by the high correlation coefficient
between the listeners' pre-and post-tests scores
(r = .87, p < .05).
Figure 2: Percent correct at pre-test (top), at posttest (middle) and difference score (bottom) as a
function of music aptitude in French listeners.

3.2. French listeners

Given that the interaction Music aptitude x Training
method was not significant in none of the analyses
(pre-test, post-test, difference score), it was removed
from the final models.
Regarding the performance at pre-tests (Fig. 2,
top), a marginally significant regression equation was
found (F(2, 46) = 2.32. p = .09) with an R2 of 10%.
Contrary to training method (β = 0.35, p =.94), music
aptitude significantly predicted performance at pretest (β = .0.48, p = .03). The better the music aptitude,
the better the discrimination of stress contrasts in L2
in pre-tests.
As far as performance at the post-tests (Fig. 2,
middle) was concerned, a significant regression
equation was found (F(2, 46) = 3.85. p = .03) with an
R2 of 10.6%. Like in the pre-tests, music aptitude
significantly predicted
stress
discrimination
performance (β = 0.64, p =.01), whereas training
method did not (β = -2.06, p =.68). Again, the better
the music aptitude, the better the discrimination of
stress contrasts in L2 in post-tests.
As for difference score (i.e., improvement
between pre- and post-tests; Fig. 2, bottom), the
regression equation was not significant (F(2,
46) = 1.29. p = .29) and the R2 was 1.2%. None of the
predictors significantly predicted the difference score
(music aptitude: β = 0.16, p =.21; training method:
β = -2.41; p = 0.35).
Since the amount of improvement may be affected
by participants' pre-test scores, we ran an additional
analysis on post-test scores with both pre-test and
musical aptitude scores as predictors. A significant
regression equation was found (F(3, 45) = 50.6.
p < .001) with an R2 of 76%. Whereas the pre-test
scores significantly predicted the post-test scores
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3.3. German listeners

Given that the interaction Music aptitude x Training
method was not significant in none of the analyses
(pre-test, post-test, difference score), it was removed
from the final models.
Regarding the performance at pre-, post-tests and
for the difference score in German listeners (Fig. 3),
the regression equation was not significant in any of
the analyses (F(2, 47) = [0.01-1.18]. p = [.32-.99], R2
= [0-4.80%]). None of the predictors significantly
predicted the performance at pre- or post-tests or the
difference score (music aptitude: β =[-0.004-0.212],

p =[.14-.97]; training method: β = [-0.24-0.44];
p = [.91-.96]).
We also ran the additional analysis on post-test
scores with both pre-test and musical aptitude scores
as predictors. A significant regression equation was
found (F(3, 46) = 44.46. p < .001) with an R2 of 73%.
Whereas the pre-test scores significantly predicted
the post-test scores (β = 0.73, p < .001), music
aptitude and training did not (music aptitude:
β = 0.06, p =.16; training method: β = -0.13; p = 0.47).
As for French listeners, this finding indicates that the
listeners' post-test scores were strongly related to
their pre-test scores (r = .86, p < .001).
Figure 3: Percent correct at pre-test (top), at posttest (middle) and difference score (bottom) as a
function of music aptitude in German listeners.

4. DISCUSSION
The goal of the present study was to determine
whether there was a relationship between the
listeners' music aptitude (considered as a continuum)
and their performance at discriminating stress
contrasts in a second language. Two groups of
listeners were under examination: a group of native
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listeners of a predictable stress language (i.e.,
French), who supposedly have difficulties in
discriminating stress contrasts in L2 and a group of
native listeners of an unpredictable stress language
(i.e., German), supposedly without such difficulties.
Contrary to previous studies, we considered music
aptitude as a score ranging from 0% to 100%.
Regarding French listeners, we found that
listeners with high music aptitude showed better
performance at discriminating stress contrasts in L2.
The fact that the relationship between music aptitude
and performance was present in the pre and post-tests
is not surprising knowing that the correlation between
the listeners' performance in pre-and post-tests was
high (r = .87, p < .05). On the contrary, we found no
relationship between music aptitude and the amount
of improvement after training. In other words, the link
between the music aptitude and the ability to
discriminate L2 stress contrasts in French listeners
was present independently of the amount of their
learning. Although this link was not strong (i.e.,
music aptitude explained 10% of the stress
discrimination ability), it suggests that similar
perceptual mechanisms might be called in the
discrimination of musical melodies and in the
discrimination of L2 stress contrasts, at least in
French listeners, who do not use stress encoding
strategies in their native language.
On the other hand, we found that German listeners
did not show the link between music aptitude and the
ability to discriminate L2 stress contrasts. The
absence of such link might be explained by the fact
that German listeners use stress encoding strategies in
their native language. However, it might also be that
the link is obscured by the German listeners' high
performance, although not at ceiling (75% and 81%
at pre- and post-tests, respectively). Thus, we can't
rule out the possibility that the relationship between
German listeners' musical aptitude and their
discrimination of L2 stress contrasts would emerge
with a more difficult task.
As a conclusion, our findings indicate that French
listeners do not process stress information in the same
way than German listeners, at least in a perceptual
task that is difficult for the former and easy for the
latter. Because of the predictable stress position in
French, French listeners possibly compensate the
absence of stress encoding mechanisms of their native
language by interpreting L2 stress contrasts in a
"more musical" way than German listeners whose
native language has unpredictable stress position.
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ABSTRACT
The present paper investigates prosodic properties of
(neutral) vocatives in L2 Italian and L2 Spanish
produced by L1 Czech learners. Since Czech, Italian
as well as Spanish vocatives are predominantly
realized with a rising pitch accent (L*+H, L+H*)
followed by a mid-tone target (!H%), positive
transfer or native-like production in L2 would be
expected. Interestingly, whereas the L2 Spanish
vocatives were realized with a target-like pattern,
almost half of the L2 Italian vocatives were
produced with H*+L L%, a pattern that is found
neither in L1 Czech nor in L1 Italian vocatives. This
finding is interpreted as a case of prosodic
overgeneralization: Since the H*+L is detected in
other (mostly biased) types of utterances in both L1
and L2 Italian, the learners overuse this pitch accent,
considering it to be a “typically Italian” pattern.
Additionally, differences in duration cues between
the two L2 varieties are discussed.
Keywords: Vocative, intonation, L1 Czech, L2
Italian, L2 Spanish
1. INTRODUCTION
Pronunciation in a foreign or second language (L2)
is a crucial part of phonological competence and
important not only for the learners’ intelligibility but
also for assessment of their oral skills. To date, the
production of L2 vocatives (greeting calls) has
received very little attention. The present study fills
this gap by investigating F0 patterns and durational
cues of vocatives in two Romance languages
produced by L1 Czech speakers, with a particular
focus on the role of L1-based cross-linguistic
influence (CLI) and similarity between the L1
(Czech) and the target languages (Spanish and
Italian). Specifically, it examines how two groups of
learners with the same L1 acquire tonal and duration
properties of vocatives in two typologically related
languages, both of them being similar to the L1 in
terms of phonological realization of “calling” tonal
patterns (a rise followed by a mid-tone target).
Based on this main similarity, we would expect
native-like production or positive transfer. However,
there are also some differences between the
1932

languages which may result in incorrect L2 speech
production or negative transfer (see, e.g., [20], [14],
[5]). Interestingly, some of the L2 vocatives were
realized here with an H*+L pattern that cannot be
attributed to transferred L1 features or native-like
production. This finding will be interpreted as a case
of overgeneralization, another phenomenon related
to second language acquisition (see, e.g., [4]). I call
prosodic overgeneralization an erroneous use of L2
tonal and durational patterns that are present in the
target language but in different contexts. As we will
see, this applies especially to Italian.
2. INTONATION OF VOCATIVES
According to [12], many European languages (e.g.,
Dutch, English, French, German, Hungarian) use a
calling contour ending in a downstepped high tone,
tagged as !H%. Another vocative contour ends also
in HL% (e.g., Central Catalan) or L% (e.g.,
Portuguese) (see [6]). Additionally, languages may
display more than one nuclear configuration for
different types of calling chants (e.g., [1], [3]). For
instance, in Polish, L% is used only for urgent calls,
whereas routine calls are realized with !H-H% ([1];
for further discussion of the prosodic complexity of
vocatives see, e.g., [9] and references there). The
following sections present the tonal inventory of
Czech (2.1), Italian (2.2), and Spanish (2.3)
vocatives, which are based on results from previous
literature as well as our own recordings of L1
speakers participating in the present study.
2.1. Czech vocatives

(Neutral) vocatives such as initial calls found across
different Czech dialects typically end in a mid-level
plateau or a low tone: L*+H !H%, and L*+H L%,
respectively (Fig. 1). Czech is a head/edgeprominence language (see [15] in line with [10]) and
the main stress is always on the first syllable. In
vocatives, the tonic syllable is phonetically realized
with a smooth rise (or a low plateau) and followed
by a high plateau on the posttonic syllable (tagged as
L*+H). However, the H is “flexible” in Czech, as its
location may change according to the length of a
vocative. If the vocative has three or more syllables,
the high peak is usually aligned with the second

syllable or even later. But if the vocative has only
two syllables, the rise and high peak are mostly
aligned with the first syllable ([L+H*]). Unlike
Romance languages, Czech also presents a vocative
case-marker, but the calling “chant” still represents a
crucial strategy to express a vocative.
Figure 1: Waveform, spectrogram, and F0 trace of
the vocative Natálie! (L1 Czech) produced with
L*+H !H% (left) and L*+H L% (right).

involves a L+H* nuclear accent followed by a HL%
boundary tone (Fig. 3, right). The latter contour has
been observed in different Spanish dialects and is
mostly used for insistent calls ([17]).
Figure 3: Waveform, spectrogram, and F0 trace of
the vocative ¡Natalia! (L1 Spanish) produced with
L+H* !H% (left) and L+H* HL% (right).

3. HYPOTHESES
2.2. Italian vocatives

Initial calls observed in most Romance varieties,
including Italian, have a L+H* !H% pattern that
corresponds to a rising tone on the stressed syllable
followed by a sustained mid boundary tone (Fig. 2).
Besides this pattern, its variant L+H* H!H% has also
been reported ([7]), since a high tone may be found
in the posttonic syllable with the mid tone realized
after the highest point. Moreover, in some Italian
varieties L+H* L% (e.g., Pisa) or even H+L* L%
(e.g., Pescara) are found (ibid.).
Figure 2: Waveform, spectrogram, and F0 trace of
the vocative Natalia! (L1 Italian) produced with
L+H* !H%.

The null hypothesis is that there will be no
differences between the L2 varieties since Czech
vocatives are phonetically similar to Italian and
Spanish vocatives. Based on the cross-linguistic
differences, the following hypotheses are posed:
• (H1) Since L1 Czech vocatives may end in L%,
this boundary tone will be found in the L2s too.
• (H2) L2 Spanish learners will produce HL%, a
pattern absent in L1 Italian.
• (H3) L2 Italian learners will produce longer
(open) stressed syllables (Nataːlia!), in
accordance with the lengthening rule applied in
L1 Italian.
4. DATA AND METHODS
4.1. Speakers

2.3. Spanish vocatives

Similarly to Italian, Spanish vocatives are
characterized by a rising movement (L+H*) on the
stressed syllable followed by a sustained mid
boundary tone (!H%) that lasts until the end of the
utterance. The last syllable generally has a longer
duration and is realized with greater intensity ([8])
(Fig. 3, left). A variant of a nuclear configuration
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For the purposes of the present study, 20 L2 Spanish
learners and 20 L2 Italian learners were recorded in
an experiment, described below. The participants
were all adults, mostly students at Charles
University in Prague and Masaryk University in
Brno. (They were speakers of two main dialect
groups of Czech, but no clear differences in their L1
vocatives were detected.) None of them was aware
of the purpose of the study.
Regarding their L2 proficiency, half were
intermediate and half were advanced learners.
However, proficiency did not seem to play any role
in the present phenomenon, since no significant
differences or preferences between the two levels
could be observed in the vocatives. Additionally, 12
native speakers, six L1 (Northern and Central)
Italian speakers and six L1 (Peninsular) Spanish
speakers were recorded in the same experiment. The

L2 learners were also recorded in their L1 in a very
similar experiment designed for Czech (see [15]).
4.2. Material and procedure

Following and modifying the methodology of the
(Inter-)Fonología del Español Contemporáneo
corpus project ([18]), the present study gathered data
by means of an hour-long production experiment
consisting of a repeating task, a reading task, a semidirected conversation, and a so-called discourse
completion task (DCT), developed for intonation
research (see [6], [17], [19]). In this inductive
method, the speaker is asked to imagine a daily
situation and then react appropriately to it. For the
purposes of this study, I selected only the context in
(1), which was intended to prompt the production of
a vocative.
(1)

5. RESULTS
The results show an interesting tendency. Starting
with nuclear pitch accents (Table 1), we observe a
noteworthy difference between the two learner
groups (χ2, p < .05). The rising pitch accent (L+H*)
was clearly the predominant pattern in L2 Spanish,
whereas the H*+L, non-existent in L1 Czech, was
the most frequent in L2 Italian. The H* accent
corresponds phonetically to the Czech pattern
(L*+H) seen in Fig. 1. We found further differences
in the realization of boundary tones (Table 2): The
L2 Italian vocatives ended predominantly in a low
tone (L%) whereas the L2 Spanish vocatives ended
in a rise-fall (HL%) (χ2, p < .05) (see Fig. 5 for a
combination of BT and NA).
Table 1: Inventory of L2 nuclear pitch accents.

Context: You see Natalia, a friend of yours,
on the other side of the street. Call her.
Expected response: Natalia!

Nuclear pitch accents
H*+L (H+L*)
L+H*
H*
Total (n)

4.3. Analysis and measurements

First, all files were transcribed and segmented by
performing an acoustic analysis in Praat ([2]).
Second, tonal events were labelled using the ToBI
annotation system based on the AM-model of
intonation ([16]) (see [17] for Spanish ToBI; [7] for
Italian ToBI; [15] for a preliminary ToBI proposal
for Czech). Since we were dealing with L2 data, the
labels were applied phonetically and merely for
practical purposes, that is, to help systematize and
compare the patterns found in the data. In total, three
different boundary tones (BT) and four types of a
nuclear pitch accent (NA) were present in the data (a
H+L* pattern occurred only once) (Fig. 4).
Figure 4: Schematic representations of boundary
tones and pitch accents detected in the L2 data.

L2 Italian
45%
30%
25%
20

L2 Spanish
0%
85%
15%
20

Table 2: Inventory of L2 boundary tones.
Boundary tones
!H%
L%
HL%
Total (n)

L2 Italian
35%
65%
0%
20

L2 Spanish
30%
20%
50%
20

Figure 5: Inventory of L2 nuclear configurations.
Nuclear Configurations
50
45
40
35
30
25
20
15
10
5
0

H* !H%

H* HL%

H* L%

H*+L L%

L2 Italian

Third, the following measurements were performed:
(1) the duration of the whole vocative (Natalia), (2)
the duration of the accented syllable (ta), and (3) the
duration of the last syllable of the utterance (lia) (in
proportion to the whole word). Finally, a chi-squared
test for the categorical variables (tonal events) was
run and linear mixed-effect regression models were
used to compare duration across groups, with
DURATION as the dependent variable, LEARNER
VARIETY and NUCLEAR CONFIGURATION as fixed
effects, and PARTICIPANTS as random effect.
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L+H* !H%

L+H* L% L+H* HL%

L2 Spanish

The analysis of duration revealed some differences
in speech rates too (Fig. 6, Fig. 7). Whereas the
tonic syllable (ta) tended to be longer in L2 Italian
than in L2 Spanish (median: L2 Italian 39.81ms, L2
Spanish 28.11ms; p < .005), we find the opposite
trend in the last syllable (lia) (median: L2 Italian
45.09ms, L2 Spanish 56.00ms; p < .005) (no
differences were observed in the first syllable na).
Notice that the L2 Italian group behaved differently
not only from the L2 Spanish group, but also from
our L1 controls. Regarding the full duration of the
vocative, there were no essential differences
between the two L2 varieties.

Figure 6: Durational proportion of the tonic
syllable -ta- in the L2 varieties and L1 controls.

nuclear position in different biased sentences in L2
as well as L1 Italian (e.g., echo polar questions,
statements of the obviousness, focus). The learners
seem to use this pattern together with an exaggerated
lengthening of the stressed syllable as a kind of
“Italianized” feature. Interestingly, the L2 Italian
learners commented elsewhere in the experiment
that the Italian “sing-song” melody is very important
for a native-like production. None of the L2 Spanish
learners made such comments regarding Spanish.
Some issues that merit further exploration are (1)
how native speakers/hearers perceive non-native
vocative patterns; (2) the extent to which implicit
and explicit phonological awareness (see [11]) plays
a role in L2 speech; (3) in which other cases
overgeneralized patterns occur and why; and (4)
how the present findings can be integrated into
theories of L2 prosody acquisition (see, e.g., [13]).

Figure 7: Durational proportion of the post-tonic
syllable -lia in the L2 varieties and L1 controls.

Figure 8: Example of transfer. The vocatives
Natalia! (L2 Italian) and Natálie! (L1 Czech)
produced by the same female speaker.

6. DISCUSSION & CONCLUSIONS
Although the default L+H* !H% contour was found
in both L2 varieties, it was not the predominant
pattern. In general, there were more differences than
similarities between the learner groups. This means
that different L1 learners of the same L2 perceive
and produce the target language differently. Our first
prediction (H1), that the L2 vocatives would be
realized with L%, was only partially confirmed. L%
was found in L2 Spanish as well as in L2 Italian,
where it was clearly more frequent. However, its
realization may be connected indirectly with the
falling H*+L pattern rather than being a simple case
of L1 transfer. As for HL% (H2), this boundary tone
was, in effect, found only in L2 Spanish in
combination with H* or L+H*. Its presence may be
a product of the nuclear “delayed” peak observed
also in longer L1 Czech words. Finally, the last
prediction (H3) was confirmed too: The duration of
the stressed syllable was longer in L2 Italian than in
L2 Spanish. This means that learners of Italian are
sensitive to durational cues in that language.
In summary, the current study demonstrates that
L2 learners do not only transfer L1 features (Fig. 8)
and/or create mixed CLI patterns. The most striking
result here is the H*+L in L2 Italian, interpreted as a
case of prosodic overgeneralization (Fig. 9), since it
occurs neither in L1 Italian nor in L1 Czech
vocatives. Nevertheless, the H*+L was found in
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Figure 9: Example of prosodic overgeneralization.
The vocatives Natalia! (L2 Italian) and Natálie!
(L1 Czech) produced by the same female speaker.

ACKNOWLEDGMENT
I would like to thank the Faculty of Arts and the
Faculty of Informatics at MU Brno, the Faculty of
Arts and the Laboratory of Behavioural and
Linguistic Studies at CU Prague, and the Hispánica
Language School in Brno for their support, all the
speakers for their participation in the experiment,
and Laura Colantoni and Trudel Meisenburg for
their valuable feedback.

7. REFERENCES
[1] Arvantiti, A., Żygis, M., Jaskuła, M. 2016. The
Phonetics and Phonology of the Polish Calling
Melodies. Phonetica 73: 338–361.
[2] Boersma, P., Weenink, D. 2018. Praat: Doing
Phonetics by Computer, v.6.0.14, 1992-2016.
[3] Borràs-Comes, J., Sichel-Bazin, R., Prieto, P. 2015.
Vocative intonation preferences are sensitive to
politeness factors. Language and Speech 58 (1), 68–
83.
[4] Brown, H. D. 2000. Principles of Language Learning
and Teaching. New York: Addison Wesley Longman.
[5] Colantoni, L., Steele, J., Escudero, P. 2015. Second
Language Speech Theory and Practice. Cambridge:
Cambridge University Press.
[6] Frota, S., Prieto, P. (eds.) 2015. Intonational Variation
in Romance. Oxford: Oxford University Press, 2015.
[7] Gili Fivela, B., Avesani, C., Barone, M., Bocci, G.,
Crocco, C. D’imperio, M., Giordano, R. Marotta, G.,
Savino, M., Sorianello, P. 2015. Intonational
phonology of the regional varieties of Italian. In Frota,
S. and Prieto, P. (eds.): Intonational Variation in
Romance. Oxford: Oxford University Press, 140–197.
[8] Hualde, J. I., Prieto, P. 2015. Intonational variation in
Spanish: European and American varieties. In Frota,
S. and Prieto, P. (eds.): Intonational Variation in
Romance. Oxford: Oxford University Press, 350–391.
[9] Huttenlauch, C., Feldhausen, I., Braun, B. 2018. The
purpose shapes the vocative: Prosodic realisation of
Colombian Spanish vocatives. Journal of the
International Phonetic Association 48/1, 33–56.
[10] Jun, S-A. (ed.). 2014. Prosodic typology II: the
phonology of intonation and phrasing. Oxford:
Oxford University Press.
[11] Kivistö-de Souza, H. (2015). Phonological
awareness and pronunciation in a second language
(unpublished doctoral dissertation). Universitat de
Barcelona, Spain.
[12] Ladd, R. 2008. Intonational Phonology. Cambridge:
Cambridge University Press.
[13] Mennen I. 2015. Beyond segments: Towards a L2
intonation learning theory. In Delais-Roussaire E.,
Avanzi M., and Herment S. (eds.): Prosody and
language in contact. Heidelberg: Springer, 171–188.
[14] Odlin, T. 2003. Cross-linguistic Influence. In
Doughty, C. J., and Long, M. H. (eds.): Handbook of
Second Language Acquisition. Oxford: Blackwell
Publishing, 436–486.
[15] Pešková, A. 2017. Czech ToBI. Presented at
Phonetics and Phonology in Europe, Cologne
(Germany), 2017-11-06.
[16] Pierrehumbert, J. B. 1980. The Phonology and
Phonetics of English Intonation. Cambridge: MA,
MIT Press.
[17] Prieto, P., Roseano, P. 2010. Transcription of
intonation of the Spanish language. Munich: Lincom
[18] Pustka, E., Gabriel, C., Meisenburg, T., Burkard, M.,
Dziallas, K. 2018. (Inter-)Fonología del Español
Contemporáneo (I)FEC: metodología de un proyecto
de corpus. Loquens 5(1).

1936

[19] Vanrell, M., Feldhausen, I., Astruc, L. 2018. The
Discourse Completion Task in Romance prosody
research: Status quo and outlook. In Feldhausen, I.,
Fliessbach, J. and Vanrell, M. (eds.): Methods in
prosody: A Romance language perspective. Berlin:
Language Science Press, 191–227.
[20] Weinreich, U. 1953. Languages in Contact. The
Hague: Mouton.

The Effect of Explicit Training on Comprehension of
English Focus-to-Prosody Mapping by Indonesian Learners of English
Aprilia Sasmar Putri1, Haoyan Ge2, Aelish Hart1, Virginia Yip2 and Aoju Chen1
1

Utrecht University, 2The Open University of Hongkong

april.sasmar@ymail.com, hyge@cuhk.edu.hk, aelish.m.hart@gmail.com, vcymatthews@cuhk.edu.hk, aoju.chen@uu.nl

found that there is no prosodic focus marking at all in
Ambonese Malay, and suggested that this may also be
the case with other varieties of Indonesian, in line with
earlier observations [6-10].

ABSTRACT
Past work has shown that even advanced L2 learners of
English are unable to process the focus-to-prosody
mapping in English in online comprehension if focus is
prosodically encoded differently in their L1. Adopting a
pre-test – explicit training – post-test paradigm, we
investigated whether online prosodic comprehension is
learnable to learners with such an L1. We focused on
intermediate-advanced Indonesian learners of English
because prosody is not used at all to mark focus in
varieties of Indonesian. Participants’ comprehension was
assessed via a Reaction-Time based make-sense
judgement task and their sensitivity to prominence was
assessed via an acoustic perception task in pre- and posttests. Between the tests, participants received one-hour
explicit training on the use of prosody in English
contrastive focus. Results show that participants went
from not responding to mismatches between prosody and
focus conditions to showing native-like responses after
training, suggesting learnability of online prosodic
comprehension.
Keywords: explicit training,
Indonesian learners of English

focus-to-prosody

1.2. Comprehension of focus-to-prosody mapping in
L2
Usually, prosody is not explicitly taught in English
classrooms. At most, limited attention is paid to question
intonation in English. It thus seems that prosody has to
be acquired implicitly by learners of English. In this
process, the similarities and differences between learners’
L1 and English can cause rather different learning
outcomes.
Ge et al. [4, 11] investigated the effect of L1
knowledge on comprehension of the focus-to-prosody
mapping in L2 English by advanced Dutch and
Cantonese learners of English, compared to native
controls. Using a reaction time (RT)-paradigm [12], they
found that the Dutch learners and the native controls
were slower in comprehension when the focus-toprosody mapping was inappropriate than when it was
appropriate, whereas the comprehension of Cantonese
learners was not affected by the appropriateness of the
focus-to-prosody mapping. In a subsequent acoustic
perception experiment, it was found that a failure to
perceive prosodic prominence in the Cantonese learners
cannot be attributed to their insensitivity to the focus-toprosody mapping in English [13]. In fact, the Cantonese
learners of English were as accurate as the native controls
in the perceptual accuracy and even outperformed the
native controls in the speed at which they detected the
most prominent-sounding word in a sentence [13].
Together, these studies suggest that the differences in the
focus-to-prosody mapping between L1 and L2 appear to
hinder L2 learners to process this mapping on online
sentence comprehension in the absence of explicit
knowledge of this mapping in L2.

mapping,

1. INTRODUCTION
1.1. Focus and prosody
Focus is a key information structural category and
typically refers to new information in a sentence [1].
Languages differ in the use of prosody in the realisation
and interpretation of focus. In many languages, focus is
associated with prosodic prominence, which can be
achieved in different ways across languages. In
languages like English and Dutch, prosodic prominence
is achieved by placing a pitch accent on the focal word or
part of the focal constitute. In Cantonese, a tonal
language, duration is used to a much larger degree than
pitch in focus marking [2-4]. Some languages do not use
prosody for focus-marking purposes. For example, [5]
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1.3. Past training studies on L2 prosody

RQ3:

Previous studies have shown that L2 learners can
successfully learn nativelike use of prosody through
specific training. For example, [14] used a threecomponent training programme (a mini-lecture on
theoretical knowledge, listening and imitating with the
help of visual displays of pitch contours; speaking and
direct feedback) to teach Dutch learners of English to
express sarcasm in English. They found clear effects of
explicit training on Dutch learners’ ability to use prosody
to convey sarcasm in English. The same results were also
obtained in several training studies concerning prosodic
focus-marking. For example, [15] combined audio
examples with visual displays of pitch contours in the
training to aid participant’s learning and perception of
contrastive focus, implicational verb focus, and indirect
insults marked as compliments and found an increase in
correct interpretations of all these three functions of
intonation after training.

performance before training?

Based on previous studies, we hypothesise that the
comprehension of Indonesian learners of English will not
be affected by the appropriateness of the focus-toprosody mapping in English before training. Moreover,
we hypothesise that Indonesian learners of English can
detect the accentuation in English spoken sentences.
Regarding the training effect, the successes reported in
earlier training studies on the production and offline
interpretation suggest that training may be beneficial to
online comprehension. On the other hand, the success of
training in those studies may not be generalisable to
online comprehension, because online comprehension
requires not only having the knowledge of the focus-toprosody mapping in English but also the ability to
automatically operating on that knowledge. We thus treat
the third question as an exploratory question and suggest
two possible scenarios. In one scenario, a short training
focusing on establishing knowledge of prosodic focus
marking in English is already sufficient to change
patterns in online comprehension; in the other scenario,
such a training may prove to be insufficient to alter
patterns in online comprehension.

1.4. The current study
As discussed in section 1.3, training can significantly
improve L2 learners’ offline interpretation and
production of certain uses of prosody in English. A
question arises as to whether explicit training in focus-toprosody mapping in English can improve L2 learners’
online comprehension. We have addressed this issue by
examining the effect of short explicit training on the
comprehension of focus-to-prosody mapping in English
sentences with “only” by Indonesian learners of English.
We focused on sentences with “only”, following [4],[11]
and [13]. Indonesian learners of English are particularly
suitable to test the effect of explicit training because
prosody is not used to realise focus in varieties of
Indonesian. It has been suggested that the absence of
prosodic focus marking in Indonesian can affect
Indonesian listeners’ understanding of focus-to-prosody
mapping in English [5-10] and they may fail to recognise
the structural connections between accentuation and
focus in West Germanic languages [5]. The training
concerns the use of prosody in marking contrastive focus
in English as in sentences with ‘only’ (e.g. The boys only
painted the BOAT, not the door vs. The boys only
PAINTED the boat, not repairing the boat.)
Our three specific research questions (RQs) are as
follows:
RQ1:

RQ2:

Do Indonesian learners of English comprehend
the focus-to-prosody interface in a more
native-like way after training, compared to their

2. METHOD
This study was approved by the Ethical Assessment
Committee Linguistics (ETCL) at Utrecht University and
conducted following the guidelines of the ETCL.
2.1. Participants
Twenty-two Indonesian learners of English (N = 22,
Mean age = 25.98, SD age = 2.32) participated in this
study. They were post-graduate students at Utrecht
University at the time of testing and are native speakers
of Bahasa Indonesia. Prior to the experiment, they took
the English version of the LexTALE test [16], which has
been shown to be a reliable indicator for one’s overall
proficiency in English. The participants’ LexTALE
scores (Mean=75.31, SD=9.42) suggested that they had
intermediate-advanced level of English proficiency.
2.2. The pre- and post-tests

How do Indonesian learners of English with
different levels of proficiency in English
process the focus-to-prosody mapping before
training?
If they fail to do so, is it because they cannot
perceive prosodic prominence in the first
place?

The participants performed two tasks in both testing
phases: a ‘make-sense’ task and an acoustic perception
task. These tasks were adopted from [4] and [11]. We
used the same stimuli and carried out the tasks using the
same procedure, although the experiments were executed
via the software ZEP [17], instead of E-prime.
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said window). Meanwhile, the pronunciation errors were
intentionally presented by mispronouncing the NPs in the
answer sentence (e.g., pronouncing blowtorch as
blowtouch or bread as blead). The other half of the fillers
were error free. The prosody was also varied in both the
fillers containing errors and the error-free fillers in the
same way as in the experimental stimuli, half with
appropriate prosody and half with inappropriate prosody.

2.2.1. Material and stimuli
The make-sense task. The make-sense task was
conducted to address the first and third RQs. In this task,
the participants listened to question-answer dialogues and
judged whether the answer make sense by pressing a
button of a button-box. The main measurement was the
RTs, measured from the end of the answer sentence. If
the participants could process the focus-to-prosody
mapping, they would have longer RTs when the mapping
was inappropriate than when the mapping was
appropriate.
In the experimental stimuli, two factors were varied:
the focus-to-prosody mapping (hereafter prosody) in the
answer sentences (2 levels: contextually appropriate vs.
contextually inappropriate prosody) and focus position (2
levels: focus on the object vs. focus on the verb).
Combining the two factors led to four experimental
conditions: object-focus with appropriate prosody, verbfocus with appropriate prosody, object-focus with
inappropriate prosody, verb-focus with inappropriate
prosody. Each condition was implemented on 40
question-answer dialogues. That is, each question-answer
dialogue appeared in each experimental condition, as
illustrated in (1), where accented words in in the bold
letters.

The acoustic task. The acoustic task was conducted to
address the second RQ, testing the perception of prosodic
prominence in English sentences. In this task, the
participants listened to declarative sentences (e.g. The
monkey is only eating the pancake.), similar to the
answer sentences used in the make-sense task, and
judged which word sounded most prominent by choosing
from a list of five options (e.g. monkey, is, only, eating,
pancake).
In the experimental stimuli, only one factor was
varied, namely position of accentuation (2 levels:
accentuation on the verb vs. accentuation on the object).
Each experimental condition were implemented on 40
experimental dialogues In addition, twelve fillers for
each list were included, with two lists in total. The fillers
were similar to the experimental stimuli, but only the
subject noun was accentuated.

2.2.2. Procedure

(1)
Experimental stimuli
Story: The fox has some honey and ice cream. She was
going to lick and freeze both of them. Then she changed her
mind.
a) object-focus with appropriate prosody
i) Question : I wonder what the fox is licking.
ii) Answer : The fox is only licking the HONEY
b) verb-focus with appropriate prosody
i) Question : I wonder what the fox is doing with
the honey.
ii) Answer : The fox is only LICKING the honey
c) object-focus with inappropriate prosody
i) Question : I wonder what the fox is licking.
ii) Answer : The fox is only LICKING the honey
d) verb-focus with inappropriate prosody
i) Question : I wonder what the fox is doing with
the honey.
ii) Answer : The fox is only licking the HONEY

A Latin Square design were employed to distribute the
stimuli over different lists (four lists for the ‘make-sense’
task and two lists for the acoustic perception task). Each
list was randomised and then randomly assigned to the
participants. In doing so, the participants heard each
questions-answer dialogue once in different conditions in
the ‘make-sense task’ and each sentence once in the
acoustic perception task. Each participant received the
same list for the tasks in both pre- and post-tests. The
participants performed the make-sense task first and then
the acoustic task in a one-hour long test session in both
the pre-test and the post-test. It took about an hour to
finish the two tasks.
The participants were tested individually in a sound
attenuated booth at the Linguistics Laboratory at Utrecht
University. Prior to the test session, the participants were
informed orally and in written about the procedure and
asked for their consent. In both tasks, the sound was
played over BeyerDynamic DT770 headphones. The
only difference was that in the make-sense task the
participants used the button box while in the acoustic
task they used the computer keyboard to give their
responses.

Moreover, 160 dialogues were included as fillers to
distract the participants from the true purpose of the
experiment. For fillers, following [4], the incorrect
answer sentences were constructed half of time by either
a semantic error or a pronunciation error. More
specifically, the semantic errors in the answer sentences
were built by referring to different VPs or NPs (e.g.,
mentioning washing when the question has said
examining, or mentioning violin when the question had
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2.3. The training

comparisons between models contained the main effects
of SESSION (χ2(1)=124.97, p<2.2e-16), PROSODY
(χ2(1)=4.575, p<0.05) and their interaction (χ2(1)=14.506,
p<0.0001). Subsequent analysis showed that PROSODY
only had an effect on comprehension in the post-test
(χ2(1)=4.9, p=0.027): longer RT in the inappropriate
prosody condition than in the appropriate prosody
condition, as illustrated in Figure 1.

Between the pre- and post-test, the participants received
explicit training. The training included a pre-recorded 12minute mini-lecture on prosodic focus marking in general
and the use of prosody in marking contrastive focus in
English in particular, and three exercises. The training
session took place in a quiet room at the Linguistics
laboratory at Utrecht University at least three hours after
the pre-test and between 24 and 78 hours before the posttest. It was held in groups of three or four participants
and lasted for about an hour.
The procedure of the training session is as follow:
First, after a brief welcome from the experimenter, the
participants were introduced to the main goal of the
training session (i.e. obtaining a better understanding of
English prosody). Then, they were given the mini-lecture
delivered by a native speaker of English via a video clip.
The participants were asked to pay attention to the video
and not to take any notes during the lecture. After that,
the participants worked on three exercises, one about the
perception of correct or incorrect use of accentuation in
marking contrastive focus, the second one on using
accentuation to mark contrastive focus in speaking, and
the third one on using information on accentuation to
predict how a sentence may end (e.g. Max just finished
moving house. Finally, he can unpack everything! He is
sorting and emptying the bags and boxes. Oh wait, no.
He’s only emptying the BAGS…… A. not emptying the
BOXES/ B. not SORTING the bags.) After each
exercise, the participants checked their responses and
corrected the errors in their responses with the help of the
experimenter, who was trained to deliver the training
properly.

Figure 1. Mean log-RT in each prosody condition in pre- and
post-tests.

3.2. Prominence detection
The data from the acoustic perception task showed that
the participants demonstrated a high accuracy rate
regardless of position of accentuation and test-session
(accent on the object: Mean=82.3%, SD=0.383; accent on
the verb: Mean=95.9%, SD=0.199).
This result
suggested that Indonesian learners are sensitive to
prosodic prominence in English.

3. ANALYSIS AND RESULTS

4. DISCUSSION AND CONCLUSION

3.1. Online comprehension

To conclude, we have found that the comprehension of
the Indonesian learners of English were affected by the
focus-to-prosody mapping only after the training,
supporting our hypotheses. Their insensitivity to the
focus-to-prosody mapping in the pre-test was not caused
by a failure to perceive prosodic prominence. These
results indicate that the short explicit training session was
sufficient to alter how Indonesian learners responded to
the focus-to-prosody mapping in online comprehension
in L2 English.
Our study has provided first evidence on the
learnability of native-like prosodic processing patterns.
Future research is needed to find out how long the effect
of training can retained and whether it is generalisable to
other aspects of prosodic processing.

The RT data from the ‘YES’ trials in the ‘make-sense’
task from both pre- and post-test sessions were analysed
using a generalized linear mixed-effect model in R with
the lme4 package [18, 19]. The RTs did to have a normal
distribution (W=0.83912, p< 0.001) and were logtransformed to reduce the non-normality of residuals.
The predictor variables included SESSION (pre-test,
post-test), PROSODY (contextually appropriate,
contextually inappropriate), FOCUS (object-focus, verbfocus), and PROFICIENCY (the LexTALE scores);
PARTICIPANTS was entered as a random factor.
Starting from an ‘empty’ model containing only the
random factor, we added the main effects of the fixed
factors, the two-way interactions between each two fixed
factors, and the three-way interaction between all of them
to the model in a stepwise fashion, building seven
additional models. The best-fit model emerging from the
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ABSTRACT
This study examined temporal variability in the
production of strongly or weakly accented L2 speech
using a novel index of variation, the normalized
Multi-Scale coefficient of variation (MSCVnorm)
applied to vowel and consonant durations.
Recordings of Korean and French talkers reading
aloud a 69-word English passage were selected based
on L1 English ratings of foreign accent to form two
extreme groups; talkers with a strong or weak foreign
accent. Recordings of Australian English talkers
saying the same passage were used as comparison.
The MSCVnorm scores for both Korean and French
talkers differed as a function of foreign accent
strength; with strongly accented speech more variable
than weakly accented speech. MSCVnorm scores for
the weakly accented speech did not differ from
English native speech. These results suggest that a
strong accent may be an indication that the timing of
a talker’s L2 productions may lack consistency (at
least for read speech).
Keywords: Foreign accent; L2 speech; variability.
1. INTRODUCTION
When a person learns a second language (L2) in
adulthood, the way that she/he speaks it may
consistently differ from that of native speakers. For
example, the way that certain vowels and consonants
are pronounced may be different, and such
differences will typically go beyond the variations
that normally occur when speaking an L1. In such
cases the person can be said to have a foreign-accent.
Research on foreign-accent has mainly focused on
segmental phenomena [1]; although non-segmental
contributions have also been investigated (e.g., [2]).
For example, in an early study, Munro [2] low-pass
filtered English sentences spoken by native English
speakers and Mandarin-speaking learners of English
to render them unintelligible (i.e., no discernible
segmental information was available). Native English
listeners were presented with these filtered speech
stimuli and asked to rate the likelihood that each was
spoken by a native English talker. Munro showed that
listeners gave significantly higher ratings to the
filtered L1 English utterances; a result that
demonstrated that listeners were able to detect some
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aspect of foreign accent based only on rhythmic
differences.
Although the Munro study demonstrated that
listeners can pick up on rhythmic differences when
given, what Munro described as the “musical” portion
of speech, the issue remains whether rhythm affects
accent judgments with intact speech. To examine this,
Polyanskaya and colleagues [3] used resynthesized
sentences in which native English segments were
given durations based on the production of learners of
English who had different levels of proficiency. It
was found that ratings of perceived foreign accent
were influenced by the level of L2 English
proficiency; this was interpreted as showing that
speech rhythm plays a role in the perception of
foreign accent.
Data from another recent study, however, goes
against the position that speech rhythm has a strong
role in producing a foreign accent. That is, Sereno et
al [4] conducted a similar study using synthesized
speech and employed a fully factorial design, i.e.,
native segments were given non-native rhythm; nonnative segments were given native rhythm, etc.
Participants made accent judgments on these
sentences and transcribed them to assess
intelligibility. The results showed that resynthesizing
with non-native rhythm did not influence accent
ratings even though it did influence intelligibility.
In studies that have used filtered or resynthesized
speech there remains a possibility that some effects
may have arisen due to the unnaturalness of the
tokens and doubts about whether findings would
apply to unaltered speech stimuli. To address such
concerns, studies have taken a different approach
where natural speech can be used.
In this approach, the idea is to select L1 and L2
languages that have different rhythms and then to
determine whether the rhythm of a talker’s L2 is like
that of their L1 [5]. Note that this approach does not
in itself assess whether speech rhythm contributes to
foreign accent, however, evidence for this can then be
obtained by assessing the extent to which any L1
influence is associated with ratings of foreign accent.
To conduct such a study, it is necessary to use a
rhythm metric [6] and to examine language learning
where the L2 and L1 languages have different
rhythms; however, selecting a metric and language
pairs opens a range of issues. Consider the selection
of a rhythm metric. Such metrics typically measure

the duration of speech segments and produce indices
of variability. This focus on timing fits with the basic
intuition that rhythm is a temporal phenomenon
(although see [7]) yet the question of which properties
to evaluate and how to best characterise the temporal
dimension remains fraught.
A set of measures of variability in speech timing
was developed by Ramus and colleagues [8]. Ramus
et al took vowels and consonants as the units over
which timing was considered and focused particularly
on vowel duration. This latter focus was motivated by
the extent to which vowels are reduced varies
markedly across languages. The variability in vowel
and consonant durations was indexed by taking the
average standard deviation of their durations over a
sentence. Dellwo & Wagner [9] noted that standard
deviation measures were strongly influenced by
speaking rate and proposed a modification that simply
normalised the vowel and consonant measures by
speaking rate.
The above measures characterise the global
characteristics of speech timing, other measures
summarise local characteristics, i.e., changes that
occur over adjacent intervals, (e.g., Grabe and
colleagues [10; 11]). For example, the measure that
Low and colleagues developed, the Pairwise
Variability Index (PVI), takes local variation into
account by measuring the variability of all pairs of
successive intervals (of a defined type) in a time
series [11]. In the normalized PVI (nPVI), the
difference in duration between pairs is calculated and
then normalized by the mean duration of the pairs and
multiplied by 100. This measure thus captures
temporal variability in terms of a single measure that
only uses adjacent interval (local) information.
Although the above local and the global indices of
speech rhythm differ in the size of the window over
which variability is considered, they only consider
non-hierarchical relationships. For example, the nPVI
provides a zeroth-order distributional statistical
measure that does not measure higher-order
relationships. However, a key property of the
distribution of speech energy is that it fluctuates and
correlates across different time-scales. In our view,
then, it is important that a measure of variation in
speech duration takes account of multiple scales.
In the current study, then we used a recently
developed multi-scale index of variability
(MSCVnorm) [12] to examine the durational
variability of L2 and L1 speech segments (vowels and
consonants). Using specially designed time-series,
Abney and colleagues [12] have demonstrated that
the MSCV measure is sensitive to short-term and
long-term correlations. Further, they have shown that
an MSCV analysis can differentiate between the
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durational properties of English and French read
speech.
The other issue identified above concerned the
selection of L1 and L2 languages that differ in speech
rhythm. Recently, there has been a debate as to
whether the classically proposed classification of
languages based on rhythm is supported by the
evidence [13], and even whether such a classification
is appropriate [14]. There are issues in the categorical
rhythm class hypothesis, whereby all languages must
unambiguously fit within one of three rhythm classes
(i.e., stress-, syllable- and mora-timed). However, for
current purposes, the debate about whether languages
can be typed by rhythm class is somewhat peripheral;
as what matters is whether there is evidence that the
selected languages differ in rhythm. To this end, we
selected English as the L2 and both French and
Korean as L1 languages. As mentioned above, Abney
et al [12] have shown that English and French differ
in the multi-scale variability of their segments.
Likewise, English and French have been shown to
differ using other rhythm metrics [11]. Korean was
selected as an additional L1 because it has rhythm
properties similar to French [15], and because unlike
French and English that share an orthography, Korean
and English do not, and differences in native
orthography may play a role in the rhythm when
reading aloud (as per the stimuli used in the current
study, see below).
In summary, in the current study we examined the
variability of L2 (English) versus L1 speech (either
French or Korean) using the MSCV measure. We also
used ratings of L2 foreign accent to select extreme
groups (weak versus strong accent) to investigate
whether the speech segments from a talker with a
strong foreign accent had different durational
variability than those of a talker with a weak accent.
2. METHOD
2.1. Speech stimuli

We used recordings of read-speech as this allowed the
content to be controlled. Audio files were
downloaded from [16]. Each recording consisted of a
person reading the same 69-word passage that
contained most of the consonants, vowels, and
clusters of standard American English (see [16]).
Recordings from 35 Korean speakers of L2 English
(24 Female; Mean Age = 31.8 years; SD = 12.9) were
used. These speakers begun learning English at
various ages (Mean = 13 years; SD= 5.9) and had
resided for various lengths of time in English
speaking countries (Mean = 8.3 years; SD= 8.4). We
also used a further set of English L2 recordings that
consisted of 27 French speakers of L2 English (13

Female, Mean Age = 30.9 years; SD = 13.6). These
speakers begun learning English at various ages
(Mean = 11.6 years; SD= 2.7) and had resided for
various lengths of time in English speaking countries
(Mean = 5.8 years; SD= 11.8). In addition, recording
of 32 native English speakers (14 Female; Mean Age
= 29.4 years; SD = 10.1) were used for comparison.
2.2. Rating foreign accent

To quantify foreign accent, we had three L1
English raters listen to the L2 speech recordings and
judge the extent of foreign accent on a 0-to-9 point
scale (0 being no accent, 9 being strong accent).
Ratings for the Korean and French recordings were
conducted in separate sessions at least one week
apart. We did not specify what was meant by foreign
accent but left that up to each rater to decide (i.e., we
did not specifically mention speech rhythm, etc.).
Using these ratings, we selected two extreme
groups for the Korean and French talkers. For
Korean, the Strong accent group (N = 12, 10 Females)
had a mean rating of 7.2. These talkers had an average
age of 44.2 years; had begun speaking English at an
average age of 15.8 years and had an average period
of residence in an English-speaking country of 11.4
years. The weak/no accent group (N = 10, six
females) had a mean rating of 1.6. These talkers had
an average age of 23.4 years; had begun speaking
English at an average age of 11.1 years and had an
average period of residence in an English-speaking
country of 7.3 years. For the French talkers, the strong
accent group (N = 5, 1 Female) had a mean rating of
6.3. These talkers had an average age of 27.6 years;
had begun speaking English at an average age of 11.2
years and had an average period of residence in an
English-speaking country of 2.1 years. The weak
accent group (N = 7, 3 Females) had a mean rating of
1.4. These talkers had an average age of 30.6 years;
had begun speaking English at an average age of 11.4
years and had an average period of residence in an
English-speaking country of 3.4 years.

The normalised version of the MSCV is divided
by the global coefficient of variation (CV) and
divided by the number of window sizes (NT), as in
(2) below.
(2)

𝑀𝑆𝐶𝑉𝑛𝑜𝑟𝑚 =

∑𝑇
𝑖=2 𝑀𝑆𝐶𝑉(𝑇)
𝐶𝑉

𝑁𝑇

The MSCVnorm measure reflects the extent to which
variation in a time series is heterogeneous over time
scale. Series that are homogeneous across time scales
tend to have a MSCVnorm value of about 1.0 (as
determined in the simulation studies of [12]; values
less than 1.0 indicate an increase in multiscale
structure. In the current analysis, we report both the
nPVI and MSCVnorm. In the MSCV analysis, T was
set as a power of 2 and it ranged between 2 and L/21, where L was the number of measurements in the
time series.
3. RESULTS
We first present descriptive summaries of vowels and
consonants duration for the strong and weak foreign
accent Korean and French L2 English recordings and
the L1 English ones. Mean consonant durations
varied considerably across the five accent groups. A
generalised linear mixed-effect model (with talker as
a random effect) was fitted to the duration values,
using the LME4 R package, [17], and p values were
obtained by the lmerTest package [18]. There was a
significant difference in durations as a function of
accent group, F = 5.927, p < 0.001; and Manner, F =
60.098, p < 0.001 and an interaction between these
variables, F = 4.557, p < 0.001. Figure 1 presents the
median durations as a function of the strength of
foreign accent.
Figure 1. Median duration (sec) of consonants for
Strongly accented English L2 (both Korean &
French) versus Weakly accented English L2

2.3. The MSCV analysis

The MSCV analysis was conducted using the Matlab
scripts referenced by [12]. The MSCV provides a
measure of the difference between a local coefficient
of variation for a specific time window and the overall
coefficient of variation for all the time samples. The
MSCV is calculated by (1).
(1)

𝑀𝑆𝐶𝑉(𝑇) =

𝜎(𝑇)
𝜇(𝑇)

There was an effect of strong versus weak accent,
F = 10.769, p < 0.001; and effect of manner, F =
56.702, p < 0.001 and an interaction between these
variables, F = 8.829, p < 0.001.

where σ is the standard deviation, and μ is the mean.
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Figure 2 shows the median duration of the vowels as
a function of accent group.
Figure 2. Median vowel duration (sec) for Korean
and French L1 Strongly accented English L2;
weak/no accented English L2 and English L1
speech.

The vowel durations also varied across the accent
groups, with mean durations for the strongly accented
talkers longer than those of the weak accented ones;
this was particularly the case for the strongly accented
Korean L2 English talkers. A LMM (with talker as a
random factor) was fitted to the duration values.
There was a significant effect of accent group, F =
18.468, p < 0.001 and an effect of accent strength, F
= 16.376, p < 0.001.
Figure 3 shows the mean MSCVnorm scores as a
function of accent group. As can be seen, the mean
values (red dots) are lower for speech rated as having
a strong accent compared to speech having a weak
accent or L1 English. This indicates that the strongly
accented speech had more heterogeneity of variance
across the various window sizes.
Figure 3. Mean (red dot) MSCVnorm values for
consonant (top) & vowel segments for each accent
group.

An LMM (with talker as a random effect) was
fitted to the MSCVnorm scores. The analysis
contrasted the scores for consonants and vowels and
strong and weak accent (English L1 scores were not
included). There was a significant difference for
consonants compared to vowels, F= 25.31, p < 0.001.

1945

The difference between the MSCVnorm scores for
weak and strong accented L2 speech was significant
(strong accent had a lower value), F = 4.937, p =
0.032. These two variables did not interact, F = 0.101,
p = 0.75. There was no significant difference between
the MSCVnorm values for the weakly accented and
the L1 English speech, F = 0.002, p = 0.97.
As a comparison to the MSCV results, Pairwise
variability indices (nPVI) were calculated. These
scores were generally higher for the strong vs. weak
accented speech. An LMM (with talker as a random
effect) was fitted to the nPVI scores. The analysis
contrasted the scores for consonants and vowels and
strong and weak accent (English L1 scores were not
included). There was no significant difference in the
nPVI scores of consonants and vowels, F = 0.3101, p
= 0.581. There was a significant difference between
the scores for the weak and strong accented L2 speech
(strong accented speech having a higher value), F =
5.388, p < 0.05. There was no interaction between
these variables, F = 0.125, p = 0.725 and no difference
between the nPVI values for the weakly accented and
the L1 English speech, F = 2.395, p = 0.134.
4. DISCUSSION
Abney et al [12] showed that MSCVnorm scores were
lower when calculated over English vowel durations
than French ones (when nPVI was taken into
account). This finding was interpreted as
demonstrating the English (read) speech had more
multiscale variability than French; and was thought to
be related to English having more complex syllables.
Other studies have shown that nPVI scores higher are
typically higher for English than French utterances
[11].
The current results for L2 speech showed
differences between strong and weakly accented
English for both the MSCVnorm and nPVI measures.
However, the direction of these differences was
opposite to that in the above studies of L1 speech.
The duration data from consonants and vowels
(Figures 1 and 2) showed that the L2 productions that
had high foreign accent ratings were longer (and more
variable) than those rated as having a weak accent.
This result is consistent with the strongly accented L2
productions having higher across-scale heterogeneity
of variance and higher nPVI scores than the weakly
accented ones and suggests that a strong foreign
accent may be an indication that an L2 talker has not
obtained consistency in their productions. In this
regard, it may be that the idea of determining whether
a foreign-accent is a legacy of a talker’s L1 has
distracted from viewing L2 speech production in
terms of a complex motor task for which the skill of
talkers varies.
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ABSTRACT

and speaking rates appear to become more nativelike with overall increase of proﬁciency. Also stress
timing is shown to improve with more experience
on the target language [23]. Challenges in the production of stress patterns [9, 17] as well as the presence of various disﬂuencies in L2 learners’ speech
such as pauses, hesitations, and repetitions can slow
down the speech and cause temporal irregularities
and irrelevant phrasing, which, in turn, affects the
perception of ﬂuency.
In this study, we examine the concept of ﬂuency
as regularity in read speech by analyzing Slovak L1,
English L1, and English L2 productions. Namely,
we ask if the regularities can be uncovered via frequency analysis; on what frequencies or prosodic
scales do these regularities occur; do the L1 and L2
speakers differ; and does the ﬂuency of L2 speakers
correlate with global spectral properties.
Time-scale representation based on Continuous
Wavelet Analysis (CWT) presents a natural way of
depicting a hierarchical structure of a complex signal like speech amplitude envelope. Wide range of
time scales, from milliseconds to several seconds in
case of prosody, can be analyzed and visualized uniformly due to scale-adaptive windowing [22]. Suitable time vs. frequency resolution compromise can
be established even for weakly periodic prosodic
signals via selection of the mother wavelet shape.
CWT has previously been applied for detection
and quantifying prosodic events regarding word and
syllable prominence [12, 20] and phrase boundaries
[20, 21, 6]. In comparison, observing the differences
between CWT scalograms of L1 and L2 speech (see
Fig. 1) led us here to study the global aspects on the
speech signal by extracting a CWT power spectrum
from amplitude envelope. We demonstrate that this
completely signal-based representation provides an
interesting holistic view of prosody, and that signiﬁcant proportion of the variance in the spectra can be
explained by assessed levels of ﬂuency as well as its
other traditional proxies, pausing and speech rate.
While our premises differ, this global approach
bears similarities to studies of speech rhythm [16],

Fluency is a commonly used descriptor of second
language (L2) speaking skills. It can be partly conceptualized in terms of appropriate temporal regularity at all levels of prosodic hierarchy, from syllable rate to phrasing. Lack of regularity arising from
hesitations, unplanned breaks and repetitions is often present in L2 speech, and negatively affects perceived proﬁciency.
In this paper, we propose using wavelet spectrum
of speech envelope for capturing temporal regularities in L2 speech at various time scales. Analyzing read speech of Slovak L1 and English L1 and
L2 speakers, we demonstrate that both syllable and
phrase level regularities are distinctly present in the
spectra. Also, we show that principal components
of the L2 spectra correlate signiﬁcantly with ﬂuency
related assessments.
Keywords: L2 ﬂuency, wavelets, global wavelet
spectrum, amplitude modulation
1. INTRODUCTION
Speaking ﬂuently is often the ultimate goal of mastering a second or foreign language (L2). Fluency
is also one of the most commonly used criteria in
the assessment of L2 skills [13, 15, 3]. This applies both for human assessments as well as for automatic methods of scoring L2 speaking performance
[26] and several studies show that automated signalbased scoring correlates well with human assessments [2, 25]. However, there is no consensus of the
exact meaning of ﬂuency, and the deﬁnitions vary
from holistic concepts of overall proﬁciency [7] to
more elaborate phenomena in speech [19].
Breakdown ﬂuency, speed ﬂuency and repair ﬂuency have been identiﬁed as major aspects of oral
ﬂuency [19]. These aspects can be described as
temporal, and many studies on L2 speech focus on
measuring one or more of these temporal features
[2, 5, 14, 23, 1, 11]. L2 learners tend to speak at
slower speech rates than do native speakers [18, 8],
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intelligibility [10] and language comparison [24] using amplitude modulation spectrum, with frequency
components of the amplitude envelope obtained using Fourier transform.

glish, by a native English speaker (bottom) and by a
native Slovak speaker (top).
The analyzed signals are amplitude envelopes
of the speech signals extracted with Hilbert transform from 200–4000 Hz band. The envelopes were
subsequently low-pass ﬁltered and downsampled to
200 Hz. The dynamic range of the envelopes was
then compressed by taking the cube root, yielding
a perceptually more plausible signal. Finally, in order to remove the effect of variation in loudness between speakers, the envelopes were normalized to
zero mean and unit variance. Wavelet transform
with Morlet mother wavelet (σ = 3) was used covering 7 octaves from 0.125 Hz to 16 Hz, with 10 scales
per octave. The red areas in the heatmap in Fig. 1)
correspond to high frequency response (peaks) and
blue areas to low (negative) response (valleys) .
The global wavelet power spectra, representing
the average energy distribution of the envelope in
frequency domain, are depicted to the right of each
scalogram in Fig. 1. These were calculated from the
magnitude scalograms by averaging the responses at
each frequency scale over the entire duration of the
story [22].

Figure 1: Scalograms of L1 and L2 English


   

   

  

  

2. DATA AND METHODS

3. RESULTS

2.1. Speech data and assessments

Figure 2: Group mean spectra.

61 speakers of Slovak were recorded in a soundproof
studio while reading aloud a story ﬁrst in Slovak and
then in English. The same English text from seven
native English speakers (ﬁve British, two American)
were recorded for reference.
Three Slovak professional teachers of English assessed the ﬂuency of L2 speech samples using a 1–
7 Likert scale between “Not ﬂuent at all” (1) and
“Very ﬂuent” (7). In addition, ratings for pausing and speech rate were given from “Too many
and/or too long pauses” (1) to “Too little and/or short
pauses” (7) and “Too slow” (1) to “Too fast” (7) to
see, how the perception of these common temporal
ﬂuency features are related to actual ﬂuency assessments. Also, overall proﬁciency was rated on the
scale of “Not proﬁcient at all” (1) to “Very proﬁcient” (7).
For the present study, we z-scored the ratings for
each individual assessor and used the average ratings
across the three assessors.

The solid lines in Fig. 2 show (from top to bottom) mean global spectra for Slovak speakers reading Slovak story, the same speakers reading the narrative in English, and native English speakers reading the (same) English story. The shaded areas contain values less than standard deviation away from
the mean. The mean global spectra for the English
narrative have a peak at the frequency just below
4 Hz; for Slovak language story there is an analogous peak at somewhat higher frequency of just over
5 Hz. These peaks presumably correspond to the en-

2.2. CWT analysis

The heat maps in Fig. 1 show examples of wavelet
scalograms of two speakers reading the story in En-
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ing with a full model containing all seven components and iteratively pruning the “non-signiﬁcant”
independent variables was used).

Figure 3: L2 spectra grouped by assessed ﬂuency.

R ATE

PAUSING

  



F LUENCY

  

Table 1: The ﬁts of PCs againts the ratings.

ergy ﬂuctuations associated with the syllables.
In addition, all mean global spectra exhibit another peak for frequency of approximately 0.6 Hz,
likely associated with rhythmic component corresponding to a short phrase. Note, that this peak is
less pronounced for English narrative read by the L2
speakers (blue curve in the middle in Fig. 2) compared to the native L1 productions in both languages.
Fig. 3 plots mean global spectra and standard
deviation bands for the Slovaks speaking English
divided by mean z-scored F LUENCY assessments.
The mean assessments were divided to three equally
sized groups using 33rd and 66th percentiles, dividing the recordings to, roughly, ﬂuent, average and
not-ﬂuent renderings.
The mean global spectra have the peak ≈ 4 Hz.
For more ﬂuent speakers, the peak is more pronounced and slightly shifted towards higher frequencies. Also, the low frequency peak at ≈ 0.6 Hz is
markedly less prominent for the “not ﬂuent” group
compared to the more ﬂuent readings.
To assess these observations quantitatively, we
computed Principal Component Analysis (PCA)
over the space of all global spectra analyzed in this
work, yielding the primary shaping effects explaining most variation among the spectra. The PCA anaysis was calculated on zero centered and scaled (for
each frequency) global spectra. The ﬁrst component
explains about 43 %, the ﬁrst four over 90 % and the
ﬁrst seven components over 98 % of variance.
Linear regressions of the ﬁrst seven principal
components against the mean ratings were used to
ﬁnd out which of these components best correspond
to L2 assessments. For each rating we derived the
minimal linear model with the rating as the dependent variable and the principal components as the
independent variables (a standard procedure of start-

PC1
PC4
PC7

effect t-val
p-val
0.35 3.74 < 0.001 ***
0.21 2.28
0.026
*
0.23 2.48
0.016
*
Adjusted R-squared: 0.27

PC1
PC2

effect t-val
p-val
0.36 4.22 < 0.001 ***
0.18 2.14
0.036
*
Adjusted R-squared: 0.25

PC1
PC3

effect t-val
p-val
0.36 4.00 < 0.001 ***
0.45 5.00 < 0.001 ***
Adjusted R-squared: 0.39

Tab. 1 summarizes the resulting minimal models.
(The minimal model for P ROFICIENCY ratings was
also ﬁtted with only PC6 as a signiﬁcant predictor
and with r-squared of 0.07).
Note that the 1st principal component predicts
signiﬁcantly all ratings. Also, the effect size of
this component is approximately the same for F LU ENCY, PAUSING and S PEECH RATE assessments.
The shapes of the global spectra correspond best
with S PEECH RATE assessments, explaining almost
40 % of variance, while the models for F LUENCY
and PAUSING explain about 27 and 25 % of rating
variance, respectively.
Interestingly, with the exception of the ﬁrst principal component (PC1), different principal components (different aspects of global spectrum shapes)
correspond to different L2 assessment types: PC4
and PC7 to F LUENCY, PC2 to PAUSING, and PC3
to S PEECH RATE.
Fig. 4 illustrates the effects of individual components on spectral shapes. PC1 shows that the ratings
in all assessment categories improve for the spectra
with lower ≈ 0.6 Hz and the peak at ≈ 4 Hz more
prominent and shifted towards higher frequencies
(the solid red line in the top left pane in Fig. 1). PC4
indicates that better F LUENCY ratings were given to
recordings with spectra with both peaks higher and
a more prominent gap between them, while PC7 associates better ratings with, again, more prominent
≈ 0.6 Hz peak but the ≈ 4 Hz peak shifted towards
lower frequencies.
According to PC2 (bottom left pane in Fig. 1),
PAUSING rating also improves with deeper gap be-
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Figure 4: Effects of signiﬁcant components. Black curves depict global spectrum averaged across all speakers.
The solid red lines show effects of the components in the “positive” direction, i.e., the direction predicted by the
models to increase the rating in the given assessment category; the dashed red lines show opposite “negative”
effects. Assessment categories signiﬁcantly explained by the given effects are marked for convenience.

ALL

FLUENCY

FLUENCY

PAUSING

SPEECH RATE

PROFICIENCY

tween the peaks and shifting the peaks further apart.
PC3 shows that higher S PEECH RATE assessments
were given for the renditions with the ≈ 4 Hz peak
shifted towards the higher frequencies.

ception. The fact that the spectral shape do not correspond with the proﬁciency ratings equally well
might be due to different demands on proﬁciency
ratings; one can be a reasonably ﬂuent speaker of
a foreign language without necessarily being very
proﬁcient in terms of, e.g., correct stress placement,
pronunciation, etc. On the other hand it should be
noted, that individual speech style or reading skills
in L1 can affect L2 ﬂuency [4].
The presented method is applied straight to the
speech signal and requires no manual labelling of
the signal. As such, it could be readily applied to
assist in automatic ﬂuency assessment. The viability
of the approach would, however, need to be tested on
speakers with different language backgrounds and
greater and more widely spread L2 skill levels. Naturally, the applicability to less structured, spontaneous speech should also be evaluated.
Further evaluation of the method will entail comparing the most prominent frequency ranges with
syllable, foot, and phrase durations manually extracted from the test data. For example, the higher
frequency of the ≈ 4 Hz for Slovak compared to English data (see Fig. 2) might be related to syllable
being the major rhythmic unit in Slovak and foot in
English. This observation, if validated, might serve
as a basis for a new method for comparing rhythmic
characteristics of languages.

4. DISCUSSION
The presented wavelet analysis captures regularities
present in the speech signal, namely the regularity
associated with syllable production and one presumably linked to phrasing. These regularities are visible as two distinct peaks in wavelet power spectra at
appropriate frequencies.
The peaks are clearly present for native, ﬂuent
speech for both analyzed languages. Interestingly,
while syllable-related regularity remains discernible
in spectra obtained from L2 speech signal, the peak
associated with phrases is less pronounced. As seen
in Fig. 1 this likely results from the irregularities in
prosodic chunking in L2 speech where disﬂuencies,
hesitations, etc., blur the rhythmic hierarchy. As our
analysis shows, the position and prominence of these
spectral peaks explains to a measurable degree the
level of ﬂuency as well as speech rate and pausing.
The position of the “syllable rate” frequency component correlates with all assessment types: the higher
the frequency, the higher the rating for ﬂuency, pausing and speech rate. At the same time more ﬁnegrained variation in the spectra relates to these three
aspects separately. In this way, the method captures both the holistic overall perceptions of ﬂuency
as well as individual aspects of pausing and speech
rate that participate and co-create this holistic per-
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ABSTRACT
This paper presents data demonstrating that in
Shilluk (Western Nilotic, South Sudan), a tonal
contrast previously described as a typologically
unusual distinction between two falling contours of
identical shape and magnitude, differing only in the
timing of the fall within the syllable, in fact involves
distinctions in both the F0 timing and scaling
domains. This interaction, furthermore, resembles a
pattern that is common cross-linguistically, but
difficult to account for given the strict separation
between tonal timing and scaling patterns embodied
in autosegmental representations. We offer a unified
account both of this pattern (“later = higher”), and of
its opposite (“earlier = higher”), also apparently
attested. Our account turns on perceptual integration
of disparate acoustic properties of the F0 contour
simultaneously influencing perceived timing and
scaling of tonal targets. We suggest that traditional
AM approaches to the phonetics-phonology
interface require revision in light of such evidence.
Keywords: tone perception, F0 timing/scaling
Shilluk
1. INTRODUCTION
Within the Autosegmental-Metrical tradition, scaling
and timing of tonal targets are orthogonal
dimensions of phonological representation. As
illustrated equally in (1) and (2) below for the lexical
tone melodies of Mende nominals (Leben 1973), and
realizations of the English “incredulity contour”
(Ladd 1996/2008), there is an important sense in
which we want to be able abstract tone strings away
from their segmental associations, to capture the
fundamental phonological sameness of F0 contours
that are nonetheless shaped very differently on the
surface. An H is an H, in other words, whether
associated to one Tone-Bearing Unit, or to more.
(1) Lexical LH contours in Mende
L H
\/
mba ‘rice’

L H
| |
fande ‘cotton’

L H
| |\
ndavula ‘sling’
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L+H* L-H%
Sue?!

L+H*
L-H%
A driving instructor?

This basic insight has been carried over in AM
theory to the study of phonetic realization as well. In
the standard target-and-interpolation model (e.g.,
Pierrehumbert & Beckman 1988), each phonological
tone in a string projects a target, to be implemented
at a particular time, and at a particular pitch level.
Targets are frequently identified with F0 turning
points, between which the contour is simply
interpolated along something like the shortest or
articulatorily cheapest path. As Bruce (1977:132)
memorably puts it “… reaching a certain pitch level
at a particular point in time is the important thing,
not the movement (rise or fall) itself.”
1.1 F0 Scaling and Timing Interactions

Timing and scaling may be separable at some
relatively abstract level of phonological analysis. In
the signal, however, they are inextricably linked.
Phonetically, timing and scaling are known to
interact in a host of complex ways. The
psychoacoustic literature is rife with perceptual
interactions between pitch scaling and timing.1 The
implications of these phenomena for phonological
systems, however, are still not broadly appreciated.
Interactions between timing and scaling can notably
muddy the representational distinction, however,
between contrasts in the two domains, creating
indeterminacies that AM theory has trouble
accommodating. Here we present a case study of one
such interaction, the key to understanding which, we
argue, involves perceptual integration of F0
information over a relatively broad time window.
1.2. Case study: Tonal timing contrasts in Shilluk

The tone system of Shilluk (Western Nilotic, South
Sudan) has received careful and insightful phonetic
description by Remijsen and colleagues (2011,
2014). Its system of contrasts is complex, with 8
tone patterns contrasting on monosyllabic transitive
verb stems: High, mid and low level tones, a rise, a
low fall, a high fall-to-mid, and of particular interest
here, two High-to-Low falls that Remijsen &

Ayoker (2014, hereafter R&A) describe as differing
solely in the timing of movement onsets and offsets.
These two falling contours, the Early High Fall and
Late High Fall (EHF and LHF), given in Fig. 1,
contrast equally on syllables of all vowel lengths,
which, as R&A observe, is typologically unusual, if
otherwise attested at all (cf. Hyman 1988).

higher throughout its duration than EHF. Secondly,
even if this were not the case, if instead the high
plateaux preceding the fall in both contours turned
out to be identical in scaling, the plateau for LHF
nonetheless persists longer into the duration of the
host syllable than does the one for EHF.
Figure 3: Example: Sharp Peak vs. Plateau

Figure 1. Top: EHF. ‘Somebody has beaten it in this
place.’ gìn-ání á-lɛ̂́ŋ kɪ̀-kɛ̂ ɲ, Bottom: LHF ‘Somebody
went to the village to beat it.’ gìn-ání á-lɛ́ŋ̀ pâac

Figure 4: Time-normalized F0 contours for EHF and
LHF averaged across nine speakers

Fig. 2 illustrates the robustness of the timing
contrast between the two falls, as manifest in data
collected from nine Shilluk speakers by R&A. Fig. 2
further demonstrates that the scaling of the onset of
the fall (the F0 turning point taken there as a
phonetic proxy for the High tonal target) does not
differ between the two lexical tone categories. The
contrast between EHF and LHF thus appears to be
purely based on tonal timing.
Figure 2. Left: Timing of fall onset for EHF and
LHF relative to host syllable onset. Right: Scaling
of same, z-transformed F0.

Because Shilluk LHF spends relatively more of
its host syllable’s duration near its maximum F0, we
predict it should sound higher to listeners than does
EHF.2 There could, in other words, be a scaling
component to this tonal contrast in Shilluk that is
only evident from a view of tonal implementation
over which “targets” emerge in perception from the
integrated characteristics of the entire shape of the
F0 contour within some region of interest (e.g., the
host syllable.) It also seems, however, that this
inherent difference may be enhanced by increased
maximum F0 for LHF. To verify this possibility, we
conducted a reanalysis of the R&A’s data.3
2. SHILLUK: AN ALTERNATIVE ANALYSIS

Reliance on a single turning point as a proxy for F0
target scaling, however, can be misleading. It is well
known, for example, that both peak height and shape
influence perceived scaling of F0 events: plateaushaped highs (Fig. 3, right) are systematically
perceived as higher in pitch than analogous sharp
peaks with identical maximum F0 (Fig. 3, left, ‘t
Hart et al. 1990, Knight 2008).
Consider now the average overall shapes of
Shilluk EHF and LHF (Fig. 4), from the R&A’s 9
speakers. Two things should be immediately clear:
First, whether or not EHF and LHF differ in scaling
of whatever point we take to instantiate the onsets of
their falls, LHF nonetheless appears systematically
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One way of understanding the difference between
sharp peaks and plateaux involves treating the
perception of F0 events in speech as involving not
the extraction of values at particular points in time,
but rather some form of averaging of F0 information
over time (Rossi 1971/78, d’Alessandro, Rosset, and
Rossi 1998, d’Alessandro & Mertens 1995). A
simple way of operationalizing such integration
would be to use mean F0 within the target syllable to
represent perceived scaling (Barnes, et al. 2014).5
Mean F0 during the host syllable for the two
contours in Fig. 4 is indeed different, LHF being
higher than EHF, as is visually apparent. Beyond
this “built-in” scaling distinction created by the
longer plateau of LHF, however, we wished to
determine whether the apparently higher maximum
4

F0 of LHF was indeed systematically higher than
that of EHF, in a manner consistent with
enhancement of the scaling distinction inherent in
the two shapes. We thus reanalyzed R&A’s data,
using maximum F0 during the accented syllable as a
measure of scaling, rather than F0 at the moment of
fall onset. R&A’s Shilluk data comes from 9
talkers—8 male, 1 female, containing 133 instances
of EHF, and 96 of LHF, all realized on closed short
vowel syllables, for 229 total utterances analyzed.
Mixed-level logistic regression was used to
predict tone category (EHF vs. LHF) from two fixed
effects, timing of the onset of the fall (as per R&A),
and max. F0 during the target syllable. Random
intercepts for speakers and a random slope by
speaker for scaling was also included. This model
finds significant effects for timing (𝛽 = 34.85, SE =
5.04, z = 6.92, p < .001) and for scaling (𝛽 = 2.08,
SE = 0.7, z = 2.96, p = 0.003). The distribution for
the scaling measure is depicted in Fig. 5.
Figure 5. Mean and 95% confidence interval for EHF
and LHF, expressed as z-transformations done for
each speaker over measured F0 in semitones.

Investigating this difference further, we
reapplied the same regression model described, this
time separating the nine speakers impressionistically
but exhaustively into two subgroups, scalers and
timers. These tests yielded statistical significance for
both timing (𝛽 = 30.32, SE = 6.27, z = 4.84, p < .001)
and scaling (𝛽 = 2.82, SE = 1, z = 2.8, p = 0.005) of
for the group identified as scalers, but significance
only of timing properties for the timers (𝛽 = 41.15, SE
= 8.37, z = 4.91, p < .001). We take this to mean that
while the contrast between EHF and LHF in Shilluk
likely involves a scaling dimension, by virtue of the
contour shapes involved, for all speakers, a subset of
speakers appears to have begun enhancing the
inherent perceived scaling distinction between the
two tonemes by altering max. F0 as well. It is
difficult to say for a sample this small whether
speakers are best divided into two camps in terms of
realization strategies, or whether timers and scalers
instead exist along a continuum of possible
implementations of this contrast.
Figure 8. EHF and LHF, host syllable mean F0
maximum for “scalers” (left), and “timers” (right).

Interestingly, however, the scaling distinction
between the two contours is not equally robust for
all speakers. Fig. 6 represents time-normalized mean
F0 for EHF and LHF for one speaker, representative
of a group we call “scalers”, in that maximum F0 of
the two contours is clearly different.
Figure 6. Time-normalized average F0 for EHF and
LHF for one representative “scaler”.

Fig. 7 shows the same for another speaker,
representing a group we call “timers”, in that their
contrast appears to be conveyed by timing alone.6
Figure 7. Time-normalized average F0 for EHF and
LHF for one representative “timer”.
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The Shilluk contrast, interestingly, turns out to be
another instance of a cross-linguistically common
pattern
whereby
later-timed
contours
are
systematically scaled higher than earlier-timed
analogues, or where later timing otherwise trades
with higher scaling in some way. In fact, it is
strikingly similar in this respect to the lexical pitch
accent contrast in Gothenburg Swedish (Segerup &
Nolan 2006), which Barnes et al. (2015) account for
using a similar integration, mean-F0-based strategy.
The present account of Shilluk is based on the
notion of Tonal Center of Gravity, advanced by
Barnes et al. (2010, 2012), whereby a broad,
seemingly disparate array of properties of global F0
contour shape (including relative timing and scaling
of pitch movement onsets and offsets, and shape or
curvature of the movements in between) are seen to

integrate perceptually to yield holistically earlier or
later tonal timing patterns. Just as, in that model,
apparently unconnected acoustic properties of the
contour work synergistically to enhance the timing
profile of an F0 event, so here the same set of
acoustic properties is simultaneously integrating to
create later perceived timing on the one hand, and
higher perceived scaling on the other. Integration of
F0 properties of the signal to create a holistic percept
of pitch event scaling may be called TCoG-F (for
frequency), and is modeled, as suggested above, by a
weighted average of F0 values during a window of
interest. Figure 9 shows how a single acoustic
property of a contour, here F0 fall curvature,
simultaneously shifts the Tonal Center of Gravity of
an otherwise symmetrical rise-fall pattern either later
and higher (in the case of the convex or domed fall),
or earlier and lower (in the case of the concave fall).
Figure 9. Simultaneous shifts in TCog-T(ime) and
TCoG-F(requency) as a function of F0 fall curvature.

One advantage of this account of the “later =
higher” pattern over others (e.g., Gussenhoven 2006)
is that it should be able to handle both “later =
higher”, and the similarly attested “earlier = higher”
pattern, seen in cases such as Egyptian Arabic
(Cangemi, et al. 2016) or Spanish (Face 2006),
where contours associated with raised peaks (e.g., in
narrow or contrastive focus contexts) typically
involve peak retraction as well. In those cases the
retraction of an otherwise slightly delayed peak
might have the effect of raising mean F0 for the host
syllable, just as raising the peak would.
3. CONCLUSIONS
We have argued that the contrast between EHF and
LHF in Shilluk, particularly for some speakers, is
realized both in the timing, and in the scaling
dimensions. The timing/scaling interaction in
Shilluk is furthermore reminiscent of a broader
pattern, which we call “later = higher”, found in
other languages as well. We offer an account of this
and other timing/scaling interactions in terms of how
the collective raw properties of F0 contour shape
integrate perceptually to yield distinction in the
location of the Tonal Center of Gravity of a pitch
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event at once both in time, and in frequency space.
Critically, depending on the shapes in question, a
single change to the F0 curve may alter the
perception of TCoG in both dimensions. In Shilluk,
delaying the onset of a fall for LHF, thereby pushing
TCoG later, has the simultaneous effect of pushing it
higher as well. This distinction may then be further
enhanced by raising the maximum F0 itself.
In an important sense, then, tonal timing and
tone
scaling
are
inextricably
linked
in
implementation, a fact that is obscured by their rigid
separation in AM representations. Recognition of
this link, we argue, can lead to an understanding of
tone patterns that might otherwise have seemed
mysterious or contradictory. We also suspect that
further descriptive work on tone systems will yield
far more examples of such interactions than are
currently appreciated. If true, this should also make
us wonder about the nature of the claims embodied
in AM representations of these patterns. To the
extent that the Shilluk contrast is both about timing
and scaling, it is not immediately clear which
dimension should encode it in the phonology. Is this
a phonological timing contrast that happens to be
enhanced with a phonetic scaling distinction? Or is it
a scaling contrast (e.g., High Fall vs. Super-High
Fall), that happens to be enhanced by timing.
Perhaps both? Or perhaps, in some deeper sense,
neither.7 To the extent that other aspects of the
phonology remain silent on the matter (which may
or may not ultimately be true in Shilluk), we might
even wonder how necessary it is that the phonology
encode explicit implementational information about
the contrast to begin with. It is by now abundantly
clear, contra the assumptions of Chomsky and Halle
(1968), that a great many aspects of phonetic
implementation are under speaker control, may
differ across languages, and yet don’t necessarily
warrant abstract, symbolic representation in the
phonology. But once we take away from the
phonology its erstwhile job of providing exhaustive
implementational instructions to the phonetics, then
absent natural-class behaviors, or clear patterned
recycling of articulatory/acoustic properties across
all members of some set of segments, we are left
with a scenario in which, from a phonological point
of view, Toneme A and Toneme B may be just as
effective a representation of Shilluk EHF and LHF
as any combination of tonal autosegments might. A
smart phonetics, in other words, may provide a more
insightful model of contrasts, and their attendant
enhancement and variation patterns across
languages, than can an arbitrarily constrained
phonology.
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E.g., the Glissando Threshold (‘t Hart, et al. 1990 ), the
Kappa Effect (Cohen, et al. 1953), the Tau Effect (Helson
1930), etc.
2
Assuming, perhaps incorrectly, that Shilluk speakers
perceive the sharp peak vs. plateau contrast similarly to
speakers of the intonation languages for which that effect
has been verified.
Remijsen and Ayoker generously made their data
publicly available at the following web address:
https://datashare.is.ed.ac.uk/handle/10283/3218. We wish
to thank Bert Remijsen in particular for substantial
assistance and discussion rendered to us throughout this
project.
For another type of explanation, see Knight 2008.
In practice, mean F0 is almost certainly too coarse a
measure. It is not clear that all F0 samples within so broad
a window should receive equal weight, either owing to
properties of the segmental string over which they are
realized, dynamic properties of the F0 contour itself, or
for other reasons. See, e.g., Barnes, et al. 2014 on an
averaging procedure called TCoG-F, or Tonal Center of
Gravity in the Frequency domain.
The reference to the “shapers” and “aligners” of
Niebuhr, et al 2011 should be apparent in this
nomenclature.
7
It might be argued that since the max. F0 distinction is
less consistent among speakers, perhaps this contrast is
still fundamentally about timing. Recall though that there
is likely a perceptible scaling contrast inherent in the
basic shapes of the two contours, arising from the timing
distinction, which is not variable in this respect, making
consistency a less compelling argument
3
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has become one of the most essential issues for
language teaching in Hong Kong schools.
Although the use of vocabulary is similar in
Cantonese to Mandarin, mutual intelligibility can
be caused by the large differences in
pronunciation. Accuracy of Mandarin tone
pronunciation is particularly a challenge for both
Mandarin teachers and learners in Hong Kong.

ABSTRACT
Pronunciation of Mandarin tone has become one of
the most important elements in teaching Mandarin
in Hong Kong schools with the implementation of
Biliteracy and Trilingualism language policy.
Nowadays, pitch contours of Mandarin tones can
be visualized with help of acoustic phonetic
software such as Praat. The tool can also be used
as a tool to help learners improve their
pronunciation accuracy. The main purpose of this
study is to examine learners’ pronunciation of
Mandarin tones before and after acoustic training.
The study consisted of three inter-related parts:
pre-test, tone visualization training, and post-test.
Six female Hong Kong learners of Mandarin were
invited to read and listen 24 monosyllabic words
and 40 disyllabic words in tests. During the tone
visualization training, the participants were
involved in five on-campus training sessions and
two online self-learning sessions using the acoustic
phonetic software Praat. The graphical
representations such as the duration, pitch height
and pitch contour of each tone and permutation
were instructed. Overall, the acoustic training
improved the participants’ pronunciation of
Mandarin tones. The findings can help develop an
effective tone training scheme for L2 Mandarin
learners.

1.1. Mandarin acquisition by Hong Kong
learners
There are four lexical tones (5-5, 3-5, 2-1-4, and 51) and a neutral tone in the Mandarin tone system.
Similarly, there are also level, rising, and falling
tones (5-5, 3-5, 3-3, 2-1, 2-3, and 2-2) in
Cantonese, and Hong Kong learners of Mandarin
could rely on the tone system in their L1[1]. Hao
[8] also suggests that learners whose L1 is
Cantonese have different tonal inventories from
natives speakers of Mandarin. It is predicted by the
speech learning model (SLM) that it is more
difficult for learners to acquire new sounds in a
language than sounds that are similar to
counterparts in their L1, since the counterparts in
the target language can influence the learnability of
sounds [7]. Several studies investigated Mandarin
tone perception by learners whose L1 was
Cantonese and found that differentiation between
Mandarin Tone 1 (5-5) and Tone 4 (5-1), and Tone
2 (3-5) and Tone 3 (2-1-4) are difficult (cf. [9, 10,
11]. In the study conducted by Li et al. [9], results
indicate that Cantonese speakers identified
Mandarin Tone 1 with the highest accuracy,
whereas they identified Tone 4 with the lowest
accuracy.

Keywords: Acoustic, Mandarin, Prosody, Second
language acquisition
1. INTRODUCTION
Multilingualism is prevalent in Hong Kong, where
most residents have Cantonese as first language
(L1), and English and Mandarin as second (L2) or
third language (L3). Since the handover of Hong
Kong to Mainland China in 1997, Mandarin have
been promoted in Hong Kong. With the
encouragement of the Biliteracy and Trilingualism
language policy and the growing social needs of
using Mandarin, teaching Mandarin pronunciation

1.2. Mandarin tone training
Numerous studies have shown that the perceptual
patterns of L2 learners can be modified with help
of intensive laboratory-based training (e.g. [12]).
Plenty of studies have investigated the effect of
perception and production in L2 acquisition
relating to learners’ L1 segmental learning of a
language [2, 3]. However, the research on the
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training of prosodic acquisition of L2 tones is
limited. Most learners are more familiar with the
graphical representation (-, /, v, and \) than the
numerical representation (1, 2, 3, and 4) of
Mandarin tones [8].
One related study done by Chun et al. [6] had
35 learners of Mandarin in an American university
do weekly practice with Praat to create pitch
curves of tones of Mandarin words they produced
and compare their pitch curves with samples from
native Mandarin speakers to practice their
pronunciation of Mandarin tones. The participants’
pre-test and post-test performances were analysed
aurally and acoustically, and the results showed
both that the participants’ tone accuracy improved
through the training and that two-thirds of them
found the training process helpful to their
Mandarin tone acquisition. This study only focuses
on the effectiveness of tone visualization training
on Mandarin learners, regardless of their first
language backgrounds, Mandarin language
proficiency and their tonal learning experience.
Wang et al. [13] trained American learners to
perceive and produce Mandarin tones and
observed that there was an improvement for all
four tones when perception training transferred to
the learners’ tone production. Following the
abovementioned research studies, this study was
designed to shed light on the Mandarin tone
acquisition by Cantonese speakers before and after
acoustic training.

characters instead of knowledge of the Mandarin
tones.
Table 1: Rationale for monosyllabic reading
design

Tone 1
jiā

Tone 2
láo

Tone 3
kuǎ

Tone 4
shì

Table 2: Rationale for disyllabic reading design
(combinations of Tone 1 in the first position as
examples)

Pinyin
xī guā
jiān chí
hūn lǐ
gān jìng
shū fu

Tones
1+1
1+2
1+3
1+4
1+0

According to [10], Cantonese speakers pay
more attention to average height of a pitch contour
because pitch contours are flatter in Cantonese
than in Mandarin. Therefore, pitch height was
regarded as one of the essential measurements for
the participants to measure. In the acoustic training
for Mandarin tone, the participants were involved
in seven weekly training sessions, including five
face-to-face group on-campus sessions (45 minutes
each) and two online self-learning sessions.
Throughout the on-campus sessions, the
participants were instructed how to record
themselves reading words following the female
native speaker’s samples, listen to their recordings
and create their own pitch curves in order to
analyse their average pitch height, pitch range, and
duration; they repeated such process to practice the
four tones in monosyllabic words and disyllabic
words. In addition, the participants used the
resources from the Mandarin spoken learner
corpus and Praat Beginner’s Manual [5] to practice
Mandarin tones with reference to learner errors
with a focus on speech data produced by female
speakers.
The participants recorded themselves reading
the same word list in the post-test as in the pre-test.
They will then note down the tones of the 24
monosyllabic words and 40 disyllabic words from
the word list that they hear in random order on a
worksheet.

2. METHOD
Six female participants from a local university
whose L1 was Cantonese and aged from 18 to 23
were recruited for the study on a voluntary basis.
Since the participants were assessed according to
their own growth from before to after training,
there are no restrictions on participant gender,
major, or Mandarin language proficiency.
Participants recorded themselves reading a list
of 24 monosyllabic words and 40 disyllabic words
using Audacity in a computer laboratory. The word
list was designed based on the position of the tone
within each word. The monosyllabic words cover
words with all four Mandarin tones (as shown in
Table 1, with 6 sets of monosyllabic words), and
the disyllabic words include combinations of the
four Mandarin tones and the neutral tone (as
shown in Table 2, with 2 sets of disyllabic words).
Participants were provided with Pinyin but not
characters to avoid the situation in which they
might pronounce words relying on memory of the

3. RESULTS
In general, accuracy of Mandarin tone production
based on auditory judgement by two native
speakers was higher in the post-test than in the pretest. In the pre-test, the participants pronounced
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86.81% and 83.33% of tone in monosyllabic and
disyllabic words correctly, while in the post-test,
accuracy rates of tone pronunciation in
monosyllabic and disyllabic words were 94.44%
and 93.33% respectively. The most frequent error
patterns in the pre-test were the confusion between
Tone 2 (3-5) and Tone 3 (2-1-4) and the lack of
contrast between Tone 1 (5-5) and Tone 4 (5-1) for
the monosyllabic words, and the application of
Tone 3 sandhi rule, in which tone of the first word
shifts from Tone 3 (2-1-4) to Tone 2 (3-5), was the
most difficult for disyllabic words. In the post-test,
there were only two instances of the confusion
between Tone 1 and 4 and Tone 2 and 3 for
monosyllabic words; the application of Tone 3
sandhi rule was successful for disyllabic words by
each participant.
To further investigate the effectiveness of the
acoustic training on the quality of tone
pronunciation, one word from each Mandarin tone
was randomly selected to be acoustically examined
for both monosyllabic and disyllabic words. Praat
[4] was used to measure F0 values of the
participants’ production of Mandarin tones. F0
values were measured at every 10 percent of the
entire duration of tone-bearing units from the start
to the end, with a total of 11 data points for each
tone contour. To compare the pitch curves
produced by the participants in the pre-test and
post-test with a reference, speech data of the four
words was collected from a female native speaker
of Mandarin. For each word, data points of the six
participants were compared with the female native
speaker’s data points in hierarchical linear model
(HLM) using R package.
Figure 1 presents pitch curves of Mandarin
tones in monosyllabic words from pre-test and
post-test in solid lines and dotted lines respectively
and Table 3 shows statistical comparison amongst
a native speakers and the participants’ performance
in pre-test and post-test. For Tone 1, pitch curve in
the post-test become more leveled and closer to the
native speaker’s model; pitch curve of Tone 2
show rising trend after acoustic training; the falling
and rising trend of Tone 3 become more dramatic
in the post-test; and pitch curve of Tone 4 is more
falling and similar to the native speaker’s model in
post-test than in pre-test.

300

(Hz)

250

200

150

100
Pre-Tone 1
Pre-Tone 4
Post-Tone 3

Pre-Tone 2
Post-Tone 1
Post-Tone 4

Pre-Tone 3
Post-Tone 2

Table 3: HLM analysis results for Mandarin
tones in monosyllabic words from pre-test and
post-test

word
jia1

zhuo2

huang3

lin4

test
native
pre
post
native
pre
post
native
pre
post
native
pre
post

mean pitch
height
253.64
245.67
252.12
194.99
194.79
212.43
170.77
170.38
135.72
343.477
236.85
237.25

trend
13.31
-19.65
-15.52
186.82
-14.64
35.16
-7.808
54.27
-9.14
-201.09
-58.79
-133.78

Figure 2 illustrates pitch contours of Mandarin
tones when they are in the first position of
disyllabic words from pre-test and post-test, and
Table 2 presents statistical analysis of pitch heights
and trends of the participants’ pitch points
compared with the native speaker’s model. The
figure and statistical result indicate that Tone 1 in
the first position of the disyllabic word did not
become more leveled after acoustic training; rising
trend of the Tone 2 curve is more dramatic in posttest than in pre-test; unlike the falling and rising
trends in the monosyllabic word, rising trend for
Tone 3 in the first syllable of a disyllabic word is
usually omitted, while the pitch curve did not turn
to be more similar to the native speaker’s model;
pitch curve of Tone 4 become more dramatically
falling in the post-test.

Figure 1: Pitch curves of Mandarin tones in
monosyllabic words from pre-test and post-test

Figure 2. Pitch curves of Mandarin tones in the
first position of disyllabic words from pre-test
and post-test
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300

250

250

(Hz)

(Hz)

300

200

150

150

100
Pre-Tone 1

Pre-Tone 2

Pre-Tone 3

Pre-Tone 4

Post-Tone 1

Post-Tone 2

Post-Tone 3

Post-Tone 4

Table 4: HLM analysis results for Mandarin
tones in the first position of disyllabic words
from pre-test and post-test

word
hun1

shi2

jiao3

bao4

200

test
native
pre
post
native
pre
post
native
pre
post
native
pre
post

mean pitch
height
272.08
275.40
279.37
171.83
224.36
211.57
170.37
139.23
130.42
343.41
245.25
236.40

100
Pre-Tone 1
Pre-Tone 4
Post-Tone 3

Pre-Tone 2
Post-Tone 1
Post-Tone 4

Pre-Tone 3
Post-Tone 2

Table 5: HLM analysis results for Mandarin
tones in the second position of disyllabic words
from pre-test and post-test

trend

word

4.48
-26.18
-26.45
50.26
38.80
93.63
-107.09
-68.89
-55.73
-145.88
-106.02
-135.13

fang1

he2

zhi3

lian4

Figure 3 shows pitch curves of Mandarin tones
in the second position of disyllabic words and
Table 5 states HLM results for the four tones. Pitch
curve of Tone 1 is more leveled after acoustic
training; whereas pitch curve of Tone 2 in the posttest did not become more rising or closer to the
native speaker’s model; pitch contour of Tone 3 is
more similar to the native speaker’s model and
closer to the 2-1-4 trend; Tone 4 pitch curve
become more dramatically falling and closer to the
native speaker’s model after training.

test
native
pre
post
native
pre
post
native
pre
post
native
pre
post

mean pitch
height
258.50
246.03
224.61
193.49
197.19
196.73
154.04
184.97
148.24
277.94
236.81
214.44

trend
3.295
-38.66
2.30
49.54
-4.34
14.03
3.95
-25.19
13.07
-103.033
-58.67
-101.25

4. CONCLUSION
In general, the acoustic training successfully
improved accuracy of Mandarin tone
pronunciation by the participants whose L1 is
Cantonese and eliminated the confusion between
Tone 1 and Tone 4, and Tone 2 and Tone 3.
Acoustically, the training improved the quality of
Mandarin tone pronunciation by the six
participants except for Tone 3 in the first position
of a disyllabic word and Tone 2 in the second
position of a disyllabic word. The acoustic training
approach used in this study have significant
implication on the teaching and learning of
prosody.

Figure 3: Pitch curves of Mandarin tones in the
second position of disyllabic words from pre-test
and post-test
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ABSTRACT

diaspora communities [3]. It is closely related to
White Hmong (also known as Hmong Daw). Each
syllable of Green Mong bears one of seven lexically
contrastive tones. In the standard Romanized Popular Alphabet (RPA) orthography, tone identity is indicated by the final letter of each syllable, and we
use these letters to refer to tones throughout. Tone
contours are high (-b), high falling (-j), mid (unmarked), mid falling and breathy (-g), mid rising (v), low (-s), and low falling creaky (-m) [3, 2, 1]. A
summary of tone contours and qualities is shown in
Table 1.

In this paper we explore the relationship between
lexical tone and musical tune in folk songs of Green
Mong, a Hmong-Mien language spoken in Southeast Asia and by Hmong diaspora communities. Previous research has claimed that, in folk songs, the
seven lexical tones of the language map onto four
musical notes. Non-modal quality is impressionistically neutralized in the breathy and creaky tones
when sung. We test these claims quantitatively using
a corpus of Green Mong folk songs sung from memory by four speakers (two men and two women).
The songs were transcribed, and vowels were acoustically segmented and annotated for musical phrasing, and were analysed for pitch and voice quality.
Results indicate that, in accordance with previous
claims, the seven tones map onto four pitch targets,
but this varies by phrasing as well as by singer. Additionally, we find some evidence that voice quality differences do remain for the non-modal tones in
Mong.

Table 1: Summary of Green Mong tonal system
and correspondences between tones and musical
notes. Column 1 indicates the orthographic letter
associated with each tone. The mid tone is not
orthographically marked in RPA. Column 2 gives
the description associated with each tone in [1].
Column 3 provides the description and approximate semitone value of the musical note which
corresponds to each tone in [6].

Tone
(RPA)
-b
-j
-g
0/
-v
-s
-m

Keywords: text-setting, tone, phonation, HmongMien
1. INTRODUCTION
Green Mong has seven lexical tones distinguished
both by pitch and voice quality [3, 14]. The goal of
this paper is to determine how the seven tones map
onto musical notes in Green Mong song. Previous
work claims (1) that these seven tones map onto four
musical notes, and (2) that voice quality distinctions
are neutralized in folk songs known as kws txiaj (in
White Hmong) [6], or lug txaj in Green Mong. In
this paper we test these claims for Green Mong using a corpus of songs (including both lug txaj and
other genres) sung from memory by four speakers
(two women, two men) and examine the realization
of tone pitch and voice quality across song types.
Green Mong (also known as Mong Leng or
Mong Njua) is a Hmong-Mien language of the West
Hmongic branch spoken by over a million speakers
in southern China, Southeast Asia, and in Hmong

Description
(Andruski 2006)
High
High-falling
Mid-falling breathy
Mid
Mid-rising
Low
Low-falling creaky

Musical note
(Catlin 1997)
Highest (10)
Lowest (0)
Mid-low (5)
Mid-high (7)
Highest (10)
Lowest (0)
Mid-low (5)

Lug txaj are traditional folk songs typically sung
during courtship and the Hmong New Year. [6] describes the scale system of these folk songs as tetratonic, with four notes per octave. Throughout this
paper, these notes are referred to by the number corresponding to their chromatic semitone value above
the lowest note in the song (0–12), where 0 and 12
are octave-equivalent.
Catlin [6] speculates that Hmong tones (both for
White Hmong and Green Mong) may map on to the
four notes of lug txaj in accordance with an archaic
tonal system, as has been argued for the areal music
traditions of Sino-Tibetan and Austro-Thai groups
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the qeej music.’ In total, the four speakers recorded
14 songs (=4,897 syllables): 10 lug txaj courtship
songs, two zaaj tsoob wedding songs, and two pav
zaaj qeej songs.

[5]. As reconstructed in [15, 16], the tonal system of
Proto-Hmong-Mien comprised four tones, labeled
A, B, C, and D. The seven tones of the presentday system may have initially developed from a
segmentally-conditioned split of the four tones into
two registers, where each of the tones developed two
variants conditioned on the voicing of the syllableinitial consonant.
In this paper, we investigate the mapping between
the musical notes of lug txaj and the tones of presentday Green Mong and quantitatively assess (1) the
degree to which they correspond to an older tonal
system and (2) the degree to which characteristic
voice quality is maintained during song.

2.3. Word and vowel annotation

Recordings were segmented by word and by vowel,
and were labeled for lexical tone and utterance position. Initial boundaries for words beginning with
aspirated or unaspirated stops were placed at the beginning of stop closure, assessed visually as a brief
period of silence in the spectrogram. Initial boundaries for words beginning with prenasalized stops
were also placed at the beginning of stop closure, assessed visually as a period of high-frequency silence
in the spectrogram. Initial boundaries for words beginning with fricatives were placed at the beginning
of frication, assessed visually as noise in the spectrogram. And initial boundaries for words beginning
with sonorant consonants were placed at the beginning of the drop in intensity preceding the vowel.
The criteria for word-final boundaries varied by
phrase position. For words in initial or medial
phrase positions, the final word boundary was taken
to be the initial boundary of the next word. Because
every word in Mong ends with a vowel or nasal coda,
the word-final boundary for phrase-final words was
placed at the offset of the second oral formant if
vowel-final or at the offset of the first nasal formant
if nasal-final.
For vowel segmentation, initial and final boundaries were determined by the onset and offset of the
second formant, respectively.
In addition to word, vowel, and tone labels, each
word was also labeled for utterance position (Initial,
Medial, Final), which was determined by whether
a breath occurred before or after the word. If no
breath could be heard, pauses of >300ms were also
considered utterance-final. Words that occurred as
whole utterances (i.e., ones that are both utteranceinitial and -final) were excluded.

2. METHODS
2.1. Speakers

Data in this paper were collected from four speakers
of Green Mong from the Xieng Khouang province of
Laos (two women, two men). All speakers were over
the age of 50 and had been living in the United States
for more than 20 years at the time of recording. They
were all proficient in both Green Mong (their native
variety) and White Hmong, as well as English.
2.2. Recording of the folk songs

Monophonic recordings were made in a soundattenuated booth collected using Praat [4] software and a preamplified head-mounted microphone.
Speakers sang freely from memory for as long as
they felt comfortable singing, and following recording, songs were transcribed by the second author, a
native speaker of Hmong fluent in both Green Mong
and White Hmong. Songs were then segmented
in Praat by phonetically-trained undergraduate research assistants.
The songs in this analysis differ by type and regional style. The two women (FM1 and FK1) both
sang lug txaj courtship songs, though they differed
in style. FM1 sang lug txaj Moob moos pheeb, a lug
txaj of the style from the village Moos Pheeb. FK1
sang lug txaj Moob xeev, a lug txaj of the style found
throughout the Xieng Khouang province of Laos.
One of the male speakers, MY1, sang two lug txaj
songs, one a courtship song and the other a New
Year song (lug txaj xyoo tshab). He also sang two
zaaj tsoob songs typically sung at weddings. The
other male speaker, MV1, first played the qeej bamboo reed instrument, and then (unaccompanied by
the qeej) sang the words that are conveyed by the instrument. This style of singing is known as pav zaaj
qeej (in White Hmong piav zaj qeej) or ‘explaining

2.4. Acoustic analysis

Segmented vowels were then analysed acoustically
using VoiceSauce [17], which outputs values for
a variety of acoustic measures every millisecond
of a labelled interval. In this study, we focus
on two acoustic measures: F0, calculated using
the STRAIGHT algorithm [11], and Cepstral Peak
Prominence (CPP) [10], a harmonics-to-noise ratio
measure.
The output measures were averaged over the entire vowel, because unlike in spoken Mong, sung
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Mong vowels have temporally-stable characteristics.
For each speaker, we converted the F0 values to
semitones, using the speaker’s average F0 as the
baseline. We then normalized F0 values by tone
and removed outliers greater than 2.5 standard deviations from the mean.
Cepstral Peak Prominence (CPP) was used to
compare the voice quality between the mid-falling
breathy -g tone and its non-breathy (modal) counterpart (which in song is the mid tone, as discussed
below), and between the low-falling creaky -m tone
and its non-creaky counterpart, the low modal -s
tone. Non-modal (both breathy and creaky) voice
qualities are typically noisier than modal voice, with
lower values of harmonics-to-noise ratio measures
[9, 12, 13, 7]. Consequently, we expect that, should
voice quality differences remain in sung Mong, the
mid-falling breathy tone and the low-falling creaky
tone will be noisier (i.e., will have lower CPP values) than their modal counterparts.

Table 2: Summary of the scales used in songs in
the dataset.

Singer/Song
FK1/1-2
FK1/3-4
FK1/5-6
FM1/1-2
MV1/1-2
MY1/1
MY1/2
MY1/3
MY1/4

Description
Courtship song
Courtship song
Courtship song
Courtship song
Qeej song
Wedding song
Courtship song
Wedding song
New Year song

Scale
0-5-7-10
0-2-5-7-10
0-5-7-10
0-2-5-7-9
0-4-7-9
0-2-7-9
0-4-7-9
0-5-7-10
0-5-8-10

there are some notable differences. In particular, all
tones can appear with any note. Moreover, the low -s
tone in our corpus is generally assigned to a mid-low
note, rather than to the lowest one; see Table 3.
Table 3: Summary of the scales used in songs in
the dataset, compared to analysis in [6]. The third
column shows what percentage of tokens per tone
were realized as a given note. The bolded numbers
refer to the two most frequent notes assigned to
each tone.

3. RESULTS
3.1. Tone-tune association

The scale type of each of the 14 songs in the dataset
was identified as either tetratonic or pentatonic. The
majority of songs (10 of the 14) are tetratonic, and
the most common scale is 0-5-7-10, where each
number refers to the semitone difference above the
lowest note 0, as described by [6]. Given the size
of the current corpus, it appears possible that some
differences in scale may be due to variation across
speakers. For example, speakers FM1 and MV1 use
only one scale each, and it is not clear whether this
consistency is due to speaker preference or to the
particular identity of the songs that were sung. However, speakers FK1 and MY1 each produced multiple scales, with MY1 producing four songs with four
distinct scales. These results suggest that music in
this tradition uses multiple tetratonic and pentatonic
scales. A summary of the musical scales by song
and speaker is shown in Table 2.
Next we look at how each lexical tone mapped on
to these notes. Because the scale varied by song,
we divided the notes up according to six values: 0
(the lowest note in the song), 2, 4/5 (depending on
whether the song’s scale had a note 4 or 5 semitones
above the lowest), 7/8 (depending on whether the
song’s scale had a note 7 or 8 semitones above the
lowest), 9/10 (depending on whether the song’s scale
had a note 9 or 10 semitones above the lowest), and
12. Note that every song had notes labeled ‘12’; that
is, one octave higher than the lowest. Our results
are largely in accordance with those of [6]; however,

Tone
High -b
High-falling -j
Mid-falling -g
Mid
Mid-rising -v
Low -s
Low-falling -m

Musical note
Catlin (1997)
10
0
5
7
10
0
5

0
13
26
11
11
10
17
13

2
5
11
10
5
7
11
12

Corpus %
4/5 7/8
15 20
19 17
24 25
16 29
23 21
21 26
23 25

9/10
21
16
20
27
23
17
17

12
27
11
10
12
16
8
10

3.2. Effects of musical phrasing

Given that each word was coded for its position
within the musical utterance, we can determine
whether the tone-tune alignment differs by phrasal
position.
Tones can appear with any note in all phrasal positions, but some tones show more variation by phrasal
position than others. For instance, in songs of scale
0-5-7-10, the mid tone most often occurs with note 7
(as predicted by [6]), regardless of phrasal position.
On the other hand, the high -b tone, predicted to be
note 10, is most often that level (rather than other
levels) in utterance-initial position; in medial and final positions, it most frequently occurs on note 7;
see Figure 1.
3.3. Voice quality

We also tested whether non-modal voice quality is
retained in song, despite claims to the contrary [6].
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dition are predominantly tetratonic, as reported in
[6]. However, in this corpus, we observe six distinct
scales, both tetratonic and pentatonic. Many different tetratonic and pentatonic scales exist, but those
observed in this corpus appear to reflect a principled
subset of those scale types. All scales in the corpus are anhemitonic, meaning that they contain no
intervals of a single semitone. Additionally, several
interval types are common across scales, including
the major second, minor third, and perfect fourth.

Figure 1: Distribution of notes for the high -b and
mid tone by phrasal position, for songs sung on a
0-5-7-10 scale. The y-axis represents the percentage of time each bar is represented in the entire
corpus.
High (-b)
Initial

High (-b)
Final

High (-b)
Medial
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1.00%
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0
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Furthermore, the mapping of linguistic tones onto
musical notes in these songs resembles the mapping
given in [6], as shown in Table 3, but is also far more
variable than previously reported. While previous
reports indicate that the mapping between linguistic
tones and musical notes is consistent, we find that
linguistic tones are spread more evenly across notes
of the musical scale. Of the seven linguistic tones,
the note previously ascribed to each tone is among
the two most frequent notes assigned for six of the
tones. This finding substantially weakens the claim
in [6], but confirms its basic generalization.
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Note

However, contrary to claims in [6], we find that
at least one speaker maintains a voice quality contrast during song. While none of the speakers maintained the characteristic quality of the creaky mtone, breathy g-tones in songs sung by FK1 had significantly lower CPP than the closest corresponding
modal tone. In a perceptual study assessing acoustic cues to tone identity in closely-related White
Hmong, listeners used breathy voice but not creaky
voice to cue tone identity [8]. It’s possible that this
asymmetry in the use of voice quality cues explains
the lack of characteristic voice quality distinction
on creaky m-tones, but given that only one speaker
in our corpus appears to maintain the characteristic
quality of the breathy g-tone during song, a larger
corpus of speakers would be required to fully assess
this possibility.

That is, are the mid-falling breathy -g tone and the
low-falling creaky -m tone noisier than their modal
counterparts? For each speaker, we ran two linear
mixed-effects models on phrase-medial vowels: one
modeling CPP as a function of Tone (‘breathy’ -g
vs. modal mid), the Musical Note, and their interaction; the other model similarly looked at CPP as
a function of Tone (‘creaky’ m vs. modal -s), the
Musical Note, and their interaction. The mid-falling
breathy -g tone was compared to the mid tone because they have similar distributions across notes.
For both models, we included random intercepts by
Word and a maximal random-effects structure. We
excluded non-medial vowels due to their relative infrequence in the corpus.
For most speakers, there was no significant main
effect of Tone (no Tone*Note interactions were significant), suggesting no difference in voice quality.
However, one speaker, FK1, showed lower CPP values for the breathy tone compared to its non-breathy
counterpart (β = 0.81, t = 2.22, p < 0.05).

Finally, we believe there is truth to the claim by
[6] that the tones of lug txaj reflect an older stage
of tone production in the Hmong languages. In
the tonal reconstruction in [15], all seven tones derived from an older two-register system; tones usually sung on the highest notes (high -b, mid, and
mid-rising -v) belonged to the high-pitched register, and the remaining tones, which tend to be sung
on lower notes, belonged to the low-pitched register.
Still, given our finding that Green Mong tones and
notes do not have a one-to-one mapping, it is likely
that what was once a stricter register-to-musical note
correspondence has yielded in the present day to a
looser mapping between tones and melody.

4. DISCUSSION AND CONCLUSION
In this paper, we investigated the mapping of linguistic tones to musical notes in traditional Green
Mong song, and quantitative results from this corpus confirm some previously reported findings and
refute others. In particular, songs in this corpus confirm the generalization that scales in this musical tra-
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ABSTRACT
Figure 1: Map of Benna Hani area (in grey).

We present the first acoustic analysis of the tone
system of Benna Hani, a poorly documented and
potentially endangered non-standard variety of Hani
(China: Southeastern Tibeto-Burman, Ngwi). Benna
Hani is unusual for a Ngwi language in that it shows
complex tone sandhi and tone neutralization. Benna
Hani has only three contrastive tone categories (T1,
T2, and T3), but sandhi patterns show a profusion of
phonetically arbitrary variants for each category. 33
Benna Hani speakers (17 female) recorded 47
monosyllables and 36 disyllables in isolation and
embedded in a carrier phrase. 10,118 tokens were
extracted and normalized in semitones relative to mid
level pitch. We plot mean F0 trajectories with 95%
confidence intervals for monosyllables and
disyllables. Acoustic analysis results cohere with
native speaker intuition, namely that T1 and T3
neutralize in monosyllables and in the first syllable in
a disyllabic compound, but are distinguished in the
second syllable of disyllables.
Keywords: tone neutralization, tone sandhi, TibetoBurman, Ngwi, Hani
1. INTRODUCTION
The Hani language [ISO 639-3: hni], spoken in
Yunnan Province, China, has 740,000 speakers [1]
and comprises several topolects, including standard
Hani spoken in Lüchun County [2] and Benna Hani
of Honghe County. Benna Hani is spoken in the upper
reaches of the Benna River by approximately 24,000
speakers in Luo’en and Jiache districts (see Figure 1
for map). Though intergenerational transmission of
the language has been strong in previous generations,
the number of speakers is expected to decrease
dramatically in the next generation due to decreasing
language use among today’s young people. Benna
Hani has recently begun to be documented [3], but
analysis of this threatened, non-standard dialect of
Hani is only in the beginning stages. This paper
presents the first acoustic analysis of the Benna Hani
tone system. The current study shows that Benna
Hani has a highly distinctive tone system, notable for
its extensive neutralization and the phonetic
arbitrariness of its tone sandhi patterns.
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All Benna Hani tones have modal phonation, and
duration is non-contrastive. All syllables, with a few
exceptions, are specified for tone. Syllable structure
is (C)V or syllabic nasal. The tone system has three
contrastive tone categories, labelled as T1 (“High”),
T2 (“Low”), and T3 (“Mid”). These categories
transparently correspond to historical Proto-Ngwi
(PN) tone categories [4]; modern reflexes of PN tone
categories in Lüchun Hani [5] and Benna Hani are
compared in Table 1. There are two major points of
divergence with Lüchun Hani: 1) Benna Hani has lost
contrastive tense phonation, leading to a merger of
Proto-Ngwi *H with T3 and *L with T2, respectively;
2) unlike Lüchun Hani, Benna Hani tones show
extensive, though predictable, variation according to
context (discussed below).
Table 1: Proto-Ngwi, Lüchun and Benna Hani tone

Proto-Ngwi
*T1 High

Lüchun Hani
Benna Hani
T1 /High/,
T1 /High/,
[high level]
[various]
*T2 Low
T2 /Low/,
T2 /Low/,
[mid falling]
[various]
*T3 Mid
T3 /Mid/,
T3 /Mid/,
[mid level]
[various]
*H Mid, tense [mid level,
merged with T3
tense]
*L Low, tense [mid falling,
merged with T2
tense]
Benna Hani is atypical for a Ngwi language in that
each tone category shows a different surface form in

almost every disyllabic environment, and none of
those forms correspond to the monosyllabic form.
Underlying tonal representation is therefore not at all
straightforward. We propose labels “T1=High,”
“T2=Low,” and “T3=Mid” that match certain aspects
of both the synchronic and diachronic forms. The
perceptual salience of contour in this tone system is
unclear as of yet. In monosyllables in connected
speech, T1 and T3 neutralize to [mid], while T2
surfaces as [high]. Neutralization of the High and Mid
tone to [mid] in isolated monosyllables is also found
in Yongning Na (Tibeto-Burman, Naic) [6].
Table 2 summarizes disyllabic tone sandhi
alternations using pitch numbers [7] (1=low, 5=high)
and H(igh), M(id), L(ow). Table 3 gives lexical
examples of each pattern. All word classes show
identical patterns. T1 and T3 neutralize not only in
monosyllables but also as the first syllable in a
disyllabic compound. Their contrast is only
recoverable in the final syllable of disyllables.
Interestingly, acoustic analysis results in Figure 4-F
suggest that, when preceding T3, the neutralization of
T1 and T3 is incomplete.
Many of the patterns are phonetically arbitrary,
and the system is not easily classified as either left- or
right-dominant [8]. While surface forms for T3+T1
/M+H/ and T2+T3 /L+M/ relate transparently to the
proposed underlying tone representation, most other
patterns show both non-final and final tone
alternations. For example, T1+T2 /H+L/ > L+H is a
case of tonal reversal. H, M, and L falling contours
only appear in the final syllable, similar to other
languages surveyed in [9] that show a preference for
prosodic-final syllables as carriers of contour. Any
tone preceding a falling contour neutralizes to H; this
matches right-dominant sandhi systems’ tendency for
paradigmatic neutralization of nonfinal tones [8].
Table 2: Tone sandhi alternations in Benna Hani:
Following tone
+T1 H
+T2 L
+T3 M
Preceding tone
T1 H
33 44
21 44
44 42
M+H
L+H
H+M
T3 M
T2 L
44 52
44 32
22 33
H+H
H+L
L+M
Table 3: Tone sandhi examples in Benna Hani:
+T1 H

+T2 L

+T3 M

T1
tɕo³⁴
‘exist’

+sa¹ ‘easy’
[tɕo³³sa⁴⁴]
‘comfortable’

+sa² ‘difficult’
[tɕo²¹sa⁴⁴]
‘painful’

+nɯ³ ‘day’
[tɕo⁴⁴nɯ⁴²]
‘rest day’

T3
nɯ³⁴
‘day’

+ɔ¹ ‘daytime’
[nɯ³³ɔ⁴⁴]
‘daytime’

+ha³ ‘hard’
[nɯ⁴⁴ha⁴²]
‘bad day’

T2 sa⁵²
‘meat’

+tsʰv̩¹ ‘fat’
[sa⁴⁴tsʰv̩⁵²]
‘fatty meat’

+mɯ² ‘good’
[nɯ²¹mɯ⁴⁴]
‘lucky day’
+kv̩²
‘tendon’
[sa⁴⁴kv̩³²]
‘tendon’

2. METHODOLOGY
2.1. Subjects

33 native Benna Hani speakers (M=16, F=17) were
recruited from Luo’en District, Honghe County. All
subjects grew up in Luo’en and had at least one
parent from Luo’en. Subjects’ ages are fairly evenly
distributed across a range from 16 years (guardian
approval obtained) to 84 years; mean and median
ages are both 45. Several older subjects are
monolingual in Hani or strongly prefer Hani. No
subjects are literate in standard Hani orthography.
2.2. Materials and procedure

The materials for the acoustic analysis consist of 47
monosyllabic words and 36 disyllabic words. Each
tone category is represented by 15-16 monosyllabic
words and each tone sequence by 4 disyllabic words;
voiced, voiceless unaspirated and voiceless aspirated
initial consonants were included. All recordings
were conducted in subjects’ homes or the first
author’s home using a Sony Linear PCM recorder
(PCM-M10) at a sample rate of 48.00 kHz. The
screening interview and recording procedure were
conducted in Benna Hani by the first author.
Because no subjects are literate in the Hani
orthography, the first author used Benna Hani to
orally prompt subjects. There is a possibility that the
first author’s pronunciation of the stimulus words
may have influenced subjects’ pronunciation, but in
the fieldsite context this was unavoidable. Each
word was repeated three times in isolation and once
in the carrier phrase [ŋa³⁴ __ lɛ⁰ sɔ⁴⁴tɔ⁴⁴ ɛ⁴⁴va⁴²] “I
say __ thus three times.” /lɛ⁰/ ‘thus’ is a toneless
clitic; the tonal offset of the preceding tone extends
on to /lɛ⁰/, resulting in contour levelling. Six older
subjects did not understand the request to record the
carrier phrase, so they only recorded the words in
isolation form.
2.3. Analysis

In Praat [10], the first author annotated the first two
repetitions of isolation form and the single token in
carrier phrase form. A total of 10,118 tone tokens
were extracted, normalized and analyzed. F0 was
extracted at 10 millisecond intervals across the
vowel [11]. Tokens were time-normalized by
dividing the raw duration into 200 equally spaced
intervals, and normalized for pitch by converting F0
to logarithmic semitones and setting speaker’s mid
level pitch as the baseline (=0), as in [12]. After
normalizing, the mean pitch trajectories and 95%
confidence intervals across all 33 speakers were
plotted in Excel. Future research will examine co-

+kʰu³ ‘dry’
[sa²²kʰu³³]
‘meat jerky’
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variation of tonal acoustics and speaker
characteristics (age, gender, etc.)

Figure 4: Disyllabic tone sandhi patterns, carrier
phrase form, n=1828. Dashed lines indicate mean F0
(as above); Solid lines represent upper and lower
bounds of 95% confidence interval. Normalized time.

3. RESULTS
3.1. Tone in monosyllables

4-A. T1=initial tone

Mean F0 trajectories and 95% confidence intervals
for monosyllabic tone are shown in Figure 2
(isolation) and in Figure 3 (carrier phrase). T1 and
T3 show near identical trajectories in both
environments, suggesting neutralization. The
contour leveling in carrier phrase form (Figure 3) is
possibly due to the extension of the tonal offset of
the target tone onto toneless clitic /lɛ⁰/ in the carrier
phrase. Future research should use a carrier phrase
that avoids this extension effect.

2
0
-2
-4
T1+T1

Figure 2: Monosyllabic tone in isolation, n=3022. Dashed
lines indicate mean F0 (normalized in semitones; speaker
mid pitch = 0); Solid lines represent upper and lower
bounds of 95% confidence interval. Normalized time.
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4-B. T2=initial tone
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4-C. T3=initial tone

T3
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Figure 3: Monosyllabic tone in carrier phrase, n=706.
Dashed lines indicate mean F0 (as above); Solid lines
represent upper and lower bounds of 95% confidence
interval. Normalized time.
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4-D. T1=final tone
2
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3.2. Tone in disyllables

-2
Figure 4 show acoustic analysis results for tone
patterns in disyllables in carrier phrase form. Mean
F0 trajectories and 95% confidence intervals are
displayed for each tone category when occurring
either as the initial tone (Figure 4-A, 4-B, 4-C) or
the final tone (Figure 4-D, 4-E, 4-F).

-4

1969

T1+T1

T2+T1

T3+T1

embedded in the carrier phrase. Whether this is due
to the target tone’s tonal offset extending onto
following toneless clitic /lɛ⁰/ needs to be further
tested. Using a different frame may alleviate this
effect.
A difficult remaining question is, how did this
phonetically arbitrary system come about? Zhang
[15] suggests that a main reason synchronic sandhi
patterns appear arbitrary is that diachronic changes
have erased what was once the phonetic motivation
for the sandhi tone. Comparing various Hani
dialects, many of whom have never been described
before, may reveal clues as to how the sandhi
patterns developed.

4-E. T2=final tone
2
0
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-4

T1+T2

T2+T2

T3+T2

4-F. T3=final tone
2

5. CONCLUSION
0

In many ways, Benna Hani fits the typological
profile of Ngwi languages: analytic, monosyllabic,
lexical tone specified on almost all syllables,
moderately-sized tone inventory [16]. Benna Hani
has three contrastive tones, similar to its neighbour,
standard Hani of Lüchun County (excluding the
rising tone from recent Chinese loanwords).
However, the complexity and phonetic arbitrariness
of Benna Hani’s tone sandhi patterns set it apart
from other Hani dialects and even from the other
Tibeto-Burman languages described in [17].
T1 and T3 appear to neutralize in monosyllables
and in the first syllable of disyllables; their contrast
is only recoverable in the second syllable of
disyllables. Thus, the three tone categories show
only a two-way contrast in monosyllables and
combine to only six tone patterns in disyllables,
rather than nine. Acoustic analysis of pitch in both
isolation and carrier phrase form coheres with the
impressionistic analysis, but also reveals differences
between T1 and T3’s surface forms when preceding
T3. Neutralization of tonal contrast in isolation is
seen in several Tibeto-Burman languages such as
Hakha Lai, Kuki-Thaadow [18] and Yongning Na
[6], but is not common among Ngwi languages.
The distinctiveness of Benna Hani tone
underlines the importance of documenting nonstandard varieties of minority languages. There is an
urgent need for this documentation in light of
imminent language shift in the Benna Hani
community.

-2
-4
T1+T3

T2+T3

T3+T3

4. DISCUSSION
The acoustic analysis matches the
impressionistic analysis based on native speaker
intuition, given in Table 2. What is striking about
this tone system is the wide variation of surface
forms for each tone category and the phonetic
arbitrariness of the sandhi patterns. Also,
neutralization of T1 and T3 is suggested by the
overlap of the 95% confidence intervals of T1 and
T3 as monosyllabic tone (Figures 2 and 3) and when
preceding T1 (Figure 4-D) and T2 (Figure 4-E). At
any point across the tone trajectory in carrier phrase
form, the means only vary by a maximum of 0.182
semitones in monosyllables and 0.345 in disyllables.
However, the 95% confidence intervals do not
overlap in T1+T3 versus T3+T3 in Figure 4-F:
initial tone T3 is higher than initial tone T1 by a
maximum of 0.874 semitones. Whether T1 and T3
show complete or incomplete neutralization in the
above contexts needs to be further tested
statistically, as done for Taiwan Southern Min [13]
and Fuzhou Min [14]. Additionally, perception tests
are needed to determine if the tones are neutralized
and to see if there are generational differences in
perception of neutralization.
Similar to the levelling seen in carrier phrase
form for monosyllables (Figure 3), the falling
contour in the second syllable of disyllables (Figure
4) also shows decreased pitch excursion when
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ABSTRACT

categories [3, 13, 14, 15]. For example, listeners can
reliably identify the location of an F0 in an unknown
speaker’s F0 range based on gender-related acoustic
traits [3]; with a tone language, listeners tend to perceive more high tones with stimuli in a male voice
and more mid/low tones with those in a female voice
with equalized pitch [13, 14].
Articulatorily, F0 varies considerably with the
amount of physiological effort involved in vocalization, hereby termed “vocal effort”1 . Adjustments of
vocal effort are normally motivated to compensate
for the intelligibility loss of speech from turbulent
noises [20] or long-distance sound propagation [23].
A number of physiological changes are involved, including the subglottal pressure, vocal fold tension,
jaw opening, and muscle activities in and around
the larynx [4, 23]. Acoustically, greater vocal effort
leads to higher values of intensity, F0 and F1, as well
as steeper spectral tilt [16, 23]. It is not clear yet how
vocal effort may interfere with pitch perception. The
closest literature we found investigated the impact of
loudness instead of vocal effort: It was reported that
louder musical tones were perceived to have lower
pitch in the range of 50–500 Hz [8]; however, the
loudness effect was not found with stimuli of synthesized vowels with a comparable pitch range [5].
Vowel height is a more nuanced cue of F0 variation and presumably is less noticeable to listeners. The tendency of vowel-intrinsic F0 variation
has been long documented, namely, that higher vowels tend to have higher F0 [6, 19]. This tendency
seems to be a commonality across languages and
language families, and independent from the language’s vowel inventory [24]. Studies on pitch perception showed that listeners compensate for this
vowel-intrinsic F0 variation, such that /a/ was heard
as 2.2 Hz higher than /u/, 0.8 Hz higher than /i/, and
0.2 Hz higher than /e/ [5].
The present study investigates perceptual compensation for F0 -covarying factors in the the context
of Cantonese tone perception, by asking how listeners’ tone perception is affected by the above three
cues simultaneously. We hypothesize that listeners
will show, in parallel, more high-tone responses with
low-vowel stimuli than high-vowel ones, low-effort

This paper evaluates how listeners integrate vocal effort and vowel height, in addition to speaker gender
[13, 14], in the perception of Cantonese level tones.
50 participants attended a word identification task,
in which they heard /g2/ and /gu/ sounds with different F0 height, voice gender and vocal effort, and
identified them as either a high-tone word or a midtone word. The result showed that, with equivalent
F0 , participants were more likely to hear a high tone
with normal-effort stimuli than high-effort stimuli;
the difference was not as robust between normaleffort and low-effort stimuli. Besides, /g2/ received
more high-tone responses than high-vowel ones /gu/,
everything else being equal. Lastly, stimuli manipulated from a high-tone syllable received more hightone responses than those from a mid-tone one, indicating potential integration of acoustic properties of
the base tone. The results suggest that listeners successfully integrate cues from multiple dimensions of
phonetic variation in tone perception.
Keywords: F0 , lexical tone, speech perception,
compensation, vocal effort, vowel height, Cantonese
1. INTRODUCTION
Fundamental frequency (F0 ) conveys linguistic
meanings through lexical tones and intonation.
However, F0 may vary with quite a few factors on
separate dimensions, causing acoustic overlap between linguistic categories and raising ambiguity in
comprehension. The present study focuses on three
cues of F0 variation, namely, speaker gender, vocal
effort and vowel height, and investigates how they
are integrated simultaneously in tone perception.
F0 differs between genders. Adult males tend to
have a low F0 mean (100–125 Hz) and narrow F0
range (70–200 Hz) whereas females tend to have
a high F0 mean (180–220 Hz) and wide F0 range
(140–400 Hz) [2], due to physiological [12, 21] and
social-cultural [9, 17, 22] factors. It has been shown
that listeners integrate the covariance between F0
and gender in the perception of pitch height and tone
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els differ in intensity and F0 aspects. The mean
intensity of tokens with high, normal and low vocal effort are respectively 78 dB, 71 dB and 62.5
dB. F0 showed variation with vocal effort, speaker
gender, tone and vowel in parallel (Fig. 1): F0 is
higher with higher-effort tokens than lower-effort
ones, with male-voiced tokens than female-voiced
ones, with high-vowel tokens (/gu/) than low-vowel
ones (/g2/), and with high-tone tokens than mid-tone
ones. The vowel-dependent F0 appears to be less robust towards the lower end of the F0 range [24].

stimuli than high-effort ones, and male-voiced stimuli than female-voiced ones, in their perception responses to the same set of tone stimuli with variation
in all three dimensions.
2. METHOD
2.1. Participants

50 participants were recruited from Guangdong,
China, by a native Cantonese speaker (the third author), to complete task online through Qualtrics.
They are 19 males and 31 females, aged 18–40, all
self-reported as native Cantonese speakers.

Figure 1: The F0 of high and mid tones in Hz
conditioned by vowel identity and speaker gender

2.2. Stimuli

The stimuli were recorded from two native Cantonese speakers, a male and a female, in a professional sound booth in the University of Pennsylvania. Speakers produced a list of Cantonese monosyllabic words with level tones in three vocal effort
levels, i.e., low, mid and high. They first produced
the words with no instructions about the vocal effort, and those recordings are used as normal-effort
stimuli. Next, the speakers were instructed to read
the words aloud as if they were talking to someone far away. However, the elicited production did
not differ much from their normal-effort speech, and
was not used in the experiment. Speakers were then
asked to put on a headphone and read the words with
talker noises [25] played over their ears. This time,
both of the two speakers raised their pitch and volume substantially, and those recordings were used as
high-effort stimuli. At last, speakers were instructed
to read the words in a very quiet voice to produce
the low-effort stimuli. The above stimuli were all
recorded with identical devices and parameter settings, with a constant mouth-to-microphone distance
kept around 10 cm. The experimenter (the first author) was present throughout the whole procedure to
ensure that the two speakers behaved in consistent
ways, and that each word had several satisfying repetitions at each vocal effort level.
The word list contained 10 pairs of Cantonese syllables contrasted with high and mid tones, but only
recordings of the following 2 pairs of words were
used for stimuli construction. In all, the materials
involved 4 word (2 vowel × 2 tone) × 3 vocal effort
× 2 speaker = 24 tokens.

2.3. Manipulation

On the base of 100 Hz, we superimposed a 5-step
pitch continuum of 11–15 st onto high-effort tokens,
7–15 st onto normal-effort tokens, and 7–11 st onto
low-effort tokens, with the Linear Predictive Coding
(LPC) algorithm in Praat. The pitch contour of the
original production was maintained for each token,
and the whole contour was raised or lowered until
the midpoints matched to the desired pitch height.
Because the acoustic measurement shows no variation in intensity or duration between gender or
vowels, we scaled all the high-effort tokens to 80
dB, normal-effort tokens to 70 dB and low-effort tokens to 60 dB, which is close to their group mean,
and scaled all the stimuli to 0.7 seconds.
2.4. Procedure

A two-alternative forced-choice identification task
was adopted. In each trial, participants heard either
a /g2/ or a /gu/, and identified them as either a hightone word or a mid-tone word with the same syllable
from two options written in Chinese characters (i.e.,
孤 and 固 for /gu/, 家 and 架 for /g2/).

/g255/ 家 ’family’ /g233/ 架 ’shelf’
/gu55/ 孤 ’lonely’ /gu33/ 固 ’fixed’
Acoustic measurements of the 24 tokens showed
that tokens articulated with different vocal effort lev-

1973

All the trials were presented in two kinds of
blocks. A Softer block contained low-effort and
normal-effort items with pitch varying from 7–11 st,
whereas a Louder block contained high-effort and
normal-effort tokens with pitch from 11–15 st. Each
type of block was repeated twice, and the participants completed the experiment either in an order
of Softer-Louder-Softer-Louder or Louder-SofterLouder-Softer. The order of stimuli was randomized
within each block. In total, there were 2 gender×5
pitch step×2 vowel×2 block type×2 vocal effort×2
base tone×2 repetition = 320 tokens.

Table 1: Estimated Coefficients of Fixed Effects

Factors

Louder

Softer

(Intercept)
GenderVoice
VocalEffort
Vowel
BaseTone
Pitch

-3.77∗∗∗
-0.65∗∗∗
-0.21∗∗∗
-0.54∗∗∗
-0.44∗∗∗
0.38∗∗∗

-2.81∗∗∗
-0.38∗∗∗
0.001
-0.50∗∗∗
-0.53∗∗∗
0.41∗∗∗

Figure 2: Mean and standard error of the high
tone rate by pitch step and vocal effort

3. RESULTS
Two mixed-effects logistic regression models were
conducted, one for each type of block (Louder,
Softer), with Participant as the random factor, Response (mid:0, high:1) as the dependent variable,
and GenderVoice (male:0, female:1), Pitch, VocalEffort (normal:0, high:1 in Louder blocks; normal:0,
low:1 in Softer blocks), BaseTone (i.e., the token’s
original tone before manipulation, high:0, mid:1)
and Vowel (/2/:0, /u/:1) as fixed factors.
Table 1 shows the estimated coefficients of the
fixed effects and their significance level. The coefficients stand for the logarithmic differences of high
tone rates between conditions. As expected, a significant Pitch effect is reported by both of the models:
One step of pitch would raise the logarithmic high
tone probability by 0.38 in Louder blocks and 0.41
in Softer blocks. A significant vocal-effort effect is
shown in Louder blocks, with a log high-tone rate
0.21 lower for high-effort tokens than mid-effort tokens. No such difference is found between normaleffort and low-effort stimuli in a Softer block. This
is consistent with Fig. 2, which shows a split in hightone rate by vocal effort levels in Louder blocks, but
not in Softer ones.
Replicating [13, 14], the gender effect is shown
significant with both block types. High tones were
less often heard with female-voiced stimuli than
male-voiced ones (by 0.38 in Louder and 0.41 in
Softer, in log scale). Therefore, we expect to see
speaker gender and vocal effort affect tone identification in parallel in a Louder block. This pattern
is mostly clearly exhibited by stimuli manipulated
from a high-tone syllable, as shown in Fig. 3. The
responses are stratified by both gender voice and vocal effort: More high tones are identified with malevoiced stimuli than female-voiced ones, as shown
across panels, and more are identified with normaleffort stimuli than high-effort ones within gender, as
reflected within each panel.

Figure 3: Mean and standard error of the high
tone rate by gender and vocal effort with tokens
with a high-tone base in Louder blocks

This 2-by-2 stratification becomes less clear after
including stimuli with a mid-tone base, which indicates a potential interaction between vocal effort and
stimulus base tone – another significant factor in the
model that affects the perceived tone categories in
both types of blocks. Fig. 4 shows the break-down
of responses by the base tone of the stimuli. At each
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Figure 4: Mean and standard error of the high
tone rate by base tone and block type

Figure 5: Mean and standard error of the high
tone rate by vowel and block type

pitch step, tokens manipulated from a high-tone syllable have more high-tone responses than those from
a mid-tone syllable, indicating that there may be
other tone-relevant cues in the base apart from pitch
height that listeners integrated in perception.
The last factor examined is vowel height. Fig. 5
shows the break-down of responses by vowels in
each type of block, according to which, a /g2/ sound
is more likely to be identified as a high-tone word
than a /gu/ sound with equalized pitch. According
to the model, the difference is as large as 0.54 in
Louder blocks and 0.50 in Softer blocks in log odds.

knowledge of phonetic co-variations.
It is also worth noting that tokens manipulated
from a high-tone syllable are more likely to trigger a high tone response than those from a midtone syllable, regardless of the identical distribution
of pitch and intensity cues they share after manipulation. This indicates potential integration of other
acoustic cues intrinsic to tonal syllables in tone identification, cues that we don’t have a good understanding of yet. Since we maintained the original
pitch contour of the production for each token, one
possibility is that listeners also attended to nuanced
pitch fluctuation to perceive tones. Other possibilities include that listeners made use of voice-quality
cues, which covaries with pitch height in production
and becomes stored in the spectra, to infer pitch locations [10, 11]. Future studies should try to tease
these possibilities apart.

4. DISCUSSION
Percepetual compensation is intensively studied at
segmental level [1, 7, 18]. This study reports new
findings at suprasegmental level by showing that
listeners efficiently compensate for F0 variation by
cues of speaker gender, vowel height and vocal
effort, indicating that linguistically naive listeners
excel in integrating sophisticated language-specific
phonetic variation to facilitate phonologization.
To the best of our knowledge, no previous studies
have examined the integration of vocal effort on tone
and pitch perception. The closest literature we find
is concerned with the influence of loudness, which
maps onto one dimension of vocal effort. The stimuli used in this paper were produced with different
levels of vocal effort from the very beginning. Apart
from amplitude, the stimuli also vary in formant frequencies and voice quality measurements according
to post-hoc examination. Moreover,we found considerable variability between speakers in the acoustic correlates of vocal effort. Regardless, listeners
still successfully compensate for F0 variation with
vocal effort, reflecting their sophisticated linguistic

5. CONCLUSION
In this paper, we reported a word identification experiment investigating whether listeners integrate
vocal effort, vowel height and speaker gender in
parallel in the perception of Cantonese level tones.
The results show that listeners heard fewer high tone
(and more mid tones) with higher-effort stimuli than
lower-effort ones, higher-vowel stimuli than lowervowel ones, and female-voiced stimuli than malevoiced ones, indicating that listeners are capable
of simultaneously compensating for F0 variation in
multiple dimensions in tone perception.
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In the literature, the term “vocal effort” is sometimes
used exclusively to refer to the vocal adjustment induced
by changing the talker-to-listener distance, but not by
changing noise levels. We don’t make this distinction
here.
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darin [2, 3, 7–11, 21, 22], but very little is known
about the representation and processing of tone in
Shanghainese. Nonetheless, Zhang and Meng [23]
found that the tone sandhi rules of Shanghainese can
be productively applied to nonce words in wug tests
by native speakers. Therefore, it seems possible
that Shanghainese speakers productively derive the
sandhi patterns from the base tones in tone production.
This paper aims to further explore the representation and processing of syllable tones and sandhi
tones in Shanghainese. If we assume sandhi tones
are derived from base tones in processing, it is predicted that in production, native speakers of Shanghainese should access the base tones before applying
the tone sandhi rule. In other words, producing syllable tones should be faster or at least as fast as sandhi
tones.
This study adopts the speeded production task,
where speakers are asked to produce the prompt
stimuli as fast and accurately as possible, using production latencies to probe the real-time processing of
different levels of tonal contrasts. If syllables tones
are indeed easier to access than sandhi tones, producing syllable tones should be faster or at least as fast as
sandhi tones; however, if syllables tones are harder
to access than sandhi tones, the production latencies
for syllable tones should be longer. Moreover, as
shown by Yan [18], frequency has a significant effect on tone sandhi production, and thus we considered several frequency conditions (summarized
in Table 1) in the experiment. High-frequency syllable tones should be relatively easier to recognize
and produce than low-frequency ones. Lastly, since
sound change has been reported in Shanghainese –
whereby the phonation contrast for the syllable tones
has been merged for younger speakers [5, 14] –we
also control for speakers’ age and gender.

ABSTRACT
In Shanghainese, it has been assumed that contrastive sandhi tones at the word level are derived
from base tones at the syllable level by a spreading
rule. Does this mean that speakers have to access
syllable tones before computing sandhi patterns?
By examining the production latencies of a speeded
production experiment, we show that Shanghainese
speakers produce sandhi tones fairly fast, but are
much slower in producing syllable tones. This result
suggests that Shanghainese speakers in fact access
sandhi tones directly without referring to base tones.
By contrast, as the control group, Mandarin speakers produce words and syllables equally fast. In light
of these findings, we will discuss how Shanghainese
speakers represent and process the tonal contrasts at
both syllable and word levels.
Keywords: tone sandhi, speech production, tone
representation, speech processing, Shanghainese
1. INTRODUCTION
Shanghainese, like other Chinese Wu dialects, is
known to have contrastive tonal patterns at both the
syllable level and the word level. It is usually assumed that, similar to Mandarin, underlying tones
of Shanghainese are contrastive at the syllable level
[4, 16, 17, 19, 20], and that the sandhi patterns at the
word level are the derived forms, because the overall
contour of sandhi in Shanghainese is essentially the
spreading of the tonal contour of the first syllable of
the polysyllabic word, as illustrated below:
1. Shanghainese tone sandhi rules
(a) T1-X: 53-X → 55-31
(b) T2-X: 34-X → 33-44
(c) T3-X: 13-X → 22-44
(d) T4-X: 55-X → 33-44 (checked tone)
(e) T5-X: 12-X → 11-13 (checked tone)
However, it is questionable whether these generative phonological rules reflect how tones are stored
in memory and accessed during language production [10, 11]. To date, most experimental studies on
tone and tone sandhi have mainly focused on Man-

2. METHODS
2.1. Participants

60 participants who grew up and still lived in the
urban area of Shanghai were recruited. Although
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was played. The participants were instructed to read
each stimulus aloud as quickly and accurately as possible. All word stimuli were presented after all syllable stimuli. Shanghainese and Mandarin participants were instructed to read the stimuli in Shanghainese and Mandarin, respectively. Response latencies or reaction times were measured as the time
lag between the onset of the warning beep and the
onset of the participants’ response.

they all identified themselves as native speakers of
Shanghainese, we found that some younger participants were not able to speak Shanghainese fluently,
probably due to insufficient exposure and usage. We
therefore excluded these participants from our analyses. Data from a total of 48 participants were analyzed. They were sorted into four age × gender
groups, namely old female (age range 44-78, mean
age 60), old male (age range 38-73, mean age 60),
young female (age range 17-30, mean age 22), and
young male (age range 17-34, mean age 21).
We also recruited 30 Mandarin speakers as the
control group (7 male, 23 female, age range 20-50,
mean age 28 in 2018). All Mandarin participants
were recruited in the U.S.

3. RESULTS
Statistical analyses based on linear mixed-effects
modeling were conducted in R [12], using the lmer
function in the lme4 package [1]. The lmerTest
package [6] was used to compute p-values. Statistical analyses were conducted on log-transformed reaction times because inspection of response latencies revealed a skewed distribution. While statistical
analyses were conducted on log-transformed data,
raw reaction times were used in figures for the ease
of interpretation.

2.2. Stimuli

81 monosyllabic stimuli and 67 disyllabic stimuli
were presented to Shanghainese speakers in Chinese
characters. Each monosyllabic stimulus has one of
the three unchecked tones (i.e., T1, T2, and T3, or 53,
34, and 13 in Chao numbers). Each disyllabic stimulus is a disyllabic word which undergoes tone sandhi
in Shanghainese. The first syllable of the word stimulus has one of the three unchecked tones. Given
that there is no existing frequency corpus of Shanghainese, a native Shanghainese linguist estimated the
usage frequency of all Shanghainese stimuli. A summary of the stimuli is given in Table 1.
The same stimuli were presented to Mandarin participants.

3.1. Effect of tone type
Figure 1: Reaction time for syllables and words,
in Shanghainese and Mandarin.

Mean Reaction Time (ms)

Language

Table 1: Summary of the stimuli.

Shanghainese: single syllable
Group #
Frequency
H
33 High in isolation and word-initially
M
20 Low in isolation; high word-initially
L
28 Low in isolation and word-initially
Shanghainese: disyllabic sandhi word
Group #
Frequency
High
Low

34
33

● Mandarin

700

Shanghainese

600

●
500

Syllable

●

Word

A linear mixed-effects model was built to examine
the effect of syllable vs. word-level tones on reaction time in both Shanghainese and Mandarin. Tone
type (syllable vs. word), language, and their interaction were included as fixed effect predictors. Note
that all these words undergo tone sandhi in Shanghainese, so for Shanghainese, the comparison is actually between syllable and sandhi tones. Random
effects included random intercepts for participants
and items, a by-participant random slope for condition, and a by-item random slope for language. Logtransformed reaction time was the response variable.
All fixed effect predictors were dummy coded. Word

High
Low

2.3. Procedure

Participants were tested individually in a quiet room.
Participants were seated about 60 cm from the computer screen. A practice session was conducted prior
to the actual experiment. For each trial of the experiment, a target stimulus was displayed on the computer screen in Chinese characters. When the stimulus appeared on the screen, a 100-ms warning beep
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was the reference category for tone type. Mandarin
was the reference category for language. Table 2
summarizes the model output. Mean reaction times
are shown in Fig. 1.

produced significantly faster than Low frequency
words. For syllable tones, H-frequency syllables
(high frequency as stand-alone monosyllabic words)
are produced significantly faster than M-frequency
syllables (low frequency as stand-alone words, but
high frequency as the word-initial syllables), and Lfrequency syllables are the slowest in production.
Moreover, there is no significant difference
in response time between H-frequency syllables,
the fastest situation for syllable tones, and Lowfrequency words, the slower type of word tones. Or,
in other words, syllable tones can be at most as fast
as the low-frequency sandhi tones. This result further suggests that it is much more difficult for Shanghainese speakers to retrieve the forms of syllable
tones.

Table 2: The output of the linear mixed-effects
model of reaction time for syllable and word stimuli.

(Intercept)
ToneSyl
LangSH
ToneSyl:LangSH

Estimate
6.222
0.033
-0.051
0.192

SE
t
p
0.032 195.759 <0.001
0.027 1.208
0.23
0.042 -1.235
0.22
0.037 5.182 <0.001

The effect of tone type was not significant (p
> 0.05), indicating that Mandarin participants produced syllable and word stimuli equally fast. The effect of language was also not significant (p > 0.05),
indicating that Shanghainese and Mandarin participants produced word stimuli equally fast. The interaction between condition and language, however,
was highly significant (p < 0.001), indicating that
Shanghainese participants produced syllable stimuli
significantly slower than word stimuli. As shown in
Fig.1, response time for syllable tones was about 150
ms slower than sandhi tones for Shanghainese speakers.

Table 3: The output of the linear mixed-effects
model of reaction time for stimuli of different frequencies. H_Syl: high-frequency syllables both
in isolation and word-initially; M_Syl: syllables
high-frequency word-initially, but low-frequency
in isolation; L_Syl: syllables low-frequency in
either position; H_Wd: high-frequency words;
L_Wd: low-frequency words.

(Intercept)
M_Syl v. L_Syl
H_Syl v. M_Syl
L_Wd v. H_Syl
H_Wd v. L_Wd

3.2. Frequency effect

To further examine the frequency effect on the response time, a linear mixed-effects model was built
with frequency as the fixed effect. Random effects included random intercepts for participants and
items, and a by-participant random slope for frequency. Log-transformed reaction time was the response variable. Frequency was coded using backward difference coding. In backward difference coding, the mean of the dependent variable for one level
of the categorical variable is compared to the mean of
the dependent variable for the prior adjacent level. In
our model, the first comparison compared the mean
of M-frequency syllables (low frequency as standalone monosyllabic words but high frequency as the
word-initial syllable) with the mean of L-frequency
syllables (cannot stand alone and also low frequency
as the word-initial syllable). The second comparison
compared the mean of H-frequency (high frequency
in isolation) syllables with the mean of M-frequency
(high frequency word-initially) syllables, etc. Table
3 summarizes the model output. Frequency effects
on mean reaction times are visually represented in
Fig. 2 (c.f. section 3.3 for age × gender effects).
As expected, frequency significantly affected the
response times. High frequency syllables were

Estimate
6.311
-0.150
-0.159
-0.008
-0.136

SE
t
p
0.030 208.135 <0.001
0.035 -4.260 <0.001
0.034 -4.664 <0.001
0.030 -0.281 0.779
0.029 -4.635 <0.001

Figure 2: Reaction times at different prosodic
levels, for speakers in different age and gender
groups.
Shanghainese
Syllable

Word
900

Mean Reaction Time (ms)

900

Group
Old Female

800

700

●

● Old Male

700

● Young Male

Young Female

●
●
●

600

800

600

●
●

●
●
500

500

L

M

H

●
Low

High

Frequency

3.3. Age and gender effects

This section further examines if response time is
modulated by age and gender. Separate linear
mixed-effects models were built for syllable and
sandhi stimuli. In these models, log-transformed reaction time was the dependent variable. Frequency,
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age × gender group, and their interaction were fixed
effects. Random effects included random intercepts
for participants and items, and a by-participant random slope for frequency. Frequency and age ×
gender groups were dummy coded such that highfrequency syllables were set as the reference category for syllable stimuli, high-frequency words were
set as the reference category for word stimuli, and
young male was the reference category for age ×
gender group. Table 4 and 5 summarizes the model
output. Due to limited space, only significant effects
are reported here. Mean reaction times are visually
represented in Fig. 2.

stimuli exhibit no difference in response latency between syllables and words. Therefore, our results
strongly suggest that it is unlikely that Shanghainese
speakers access the syllable tones before they compute the sandhi tones. Speakers should be able to
access sandhi tones directly.
However, at the same time, we found that all
speakers were able to produce the correct syllable
tones even though it took them much longer to retrieve the forms. This suggests that speakers still
have the knowledge of the syllable tones. Moreover, productivity studies [23] suggested that Shanghainese speakers clearly know the link between syllable tones and sandhi tones, as they can apply this
link to nonce words. How do Shanghainese speakers
know the mapping relationship between the sandhi
tones and syllable tones, if the sandhi forms are not
computed from the syllable forms?
We propose that it is possible that Shanghainese
speakers store multiple variants (i.e., monosyllabic
form, disyllabic form, trisyllabic form, and so on) for
each tonal category of their language. For example,
Tone 1 of Shanghainese have both 53 (monosyllabic)
and 55+31 (disyllabic) in the mental representation.
Each variant is mapped to the underlying/abstract
tonal category (e.g., Tone 1), while there is no direct
link between the monosyllabic form (e.g.,53) and the
sandhi form (e.g., 55+31). In a wug test, the mapping between a syllable tone (e.g, 53) and a sandhi
form (e.g., 55+31) is realized through their mapping
with the abstract tonal category. In a speeded production task, the reaction time is determined by the
frequency of the variant.
The fact that Shanghainese speakers generally
have difficulties in producing the syllable tones is
not very surprising. Tone sandhi is an important
part of the word-formation process in Shanghainese.
Since over 70% of words in modern Chinese (across
all language varieties) are composed of two or more
syllables [13, 15], Shanghainese speakers hear the
sandhi tones substantially more often than the syllable tones. Monosyllabic verbs are essentially the
only contexts where monosyllabic tones can be produced. This can explain why the accessibility of
tonal patterns is strongly affected by frequency.
Lastly, effects of age and gender were also found
in our study. While there was no reaction time difference for word stimuli and H frequency syllable
stimuli across speakers in different age and gender
groups, younger female speakers produced syllables
which less frequently occur in isolation significantly
slower. The processing of lower frequency syllable
tones is becoming increasingly difficult for Shanghainese speakers.

Table 4: The output of the linear mixed-effects
model of reaction time for word stimuli produced
by different age and gender groups.

(Intercept)
FreqLow

t
p
Estimate SE
6.122 0.064 95.939 <0.001
0.150 0.037 4.072 <0.001

The word model (Table4) did not show significant
effects of age × gender group, nor were age × gender group by frequency interactions found, indicating that reaction times of all participants patterned
similarly.
Table 5: The output of the linear mixed-effects
model of reaction time for syllable stimuli produced by different age and gender groups.

Estimate
(Intercept)
6.277
FreqL
0.231
GrpYF:FreqM
0.138
GrpYF:FreqL
0.146

SE
t
p
0.073 86.424 <0.001
0.059 3.936 <0.001
0.045 3.109 0.003
0.070 2.074 0.044

The syllable model (Table5) did not show significant effects of age × gender group, indicating that all
participants produced H-frequency syllables equally
fast. However, there were significant interactions
of GroupYoungFemale × FrequencyM and GroupYoungFemale × FrequencyL, indicating that young female participants produced M- and L-frequency syllables (syllables that rarely appear in isolation) much
more slowly than other age × gender groups.
4. DISCUSSION AND CONCLUSION
A speeded production experiment provides new evidence regarding the nature of tone representation
and tone processing in Shanghainese. Significantly
longer response latencies were found for syllable
stimuli among speakers of all age and gender groups
(by a huge effect size of 150 ms on average). By contrast, Mandarin participants who produced the same
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CONTINUANCY IN NASAL PLACE ASSIMILATION: AN
ELECTROPALATOGRAPHIC STUDY
Veno Volenec (Concordia University) & Marko Liker (University of Zagreb)
ABSTRACT

(2) /m/-assimilation
a. /tramʋaj/ → [traɱʋaj] ‘tram’
b. /amfor-a/ → [aɱfora] ‘amphora’
c. /pitam ʋas/ → [pitaɱʋas] ‘I am asking you’
d. (/iznim-k-a/ → [iznimka] ‘exception’;
*[izniŋka])
e. (/kamp/ → [kamp] ‘camp’)

Recent phonological studies suggested on purely formal
(rule-based) grounds that in Croatian, an underlying
alveolar nasal /n/ assimilates in place as well as in
continuancy to velar obstruents /k, g, x/, but so far this
claim has not been verified experimentally. Thus, in this
study, electropalatography (EPG) was used in order to
investigate tongue-to-palate contact patterns during the
production of Croatian alveolar nasal + velar obstruent
clusters. Five native Croatian speakers were recorded
while producing seven distinct utterances containing the
relevant clusters for six times each. The differences
between assimilation conditions (/nx/ vs. /nk/ and /ng/)
were tested using Repeated Measures ANOVA. The
results showed that nasal place assimilation is
consistently present in all examined speakers and that it
is generally coupled with continuancy assimilation:
underlying /n/ surfaces as a continuant [ŋ] before /x/ and
as a non-continuant [ŋ] before /k/ and /g/. Implications
of these results for phonological theory are considered
and ways to obviate the limitations of the present study
are discussed.

(3) absence of /ɲ/-assimilation
a. (/koɲ bi/ → [koɲbi] ‘horse would’; *[kombi])
b. (/ʋoɲ te mut͜ʃ-i/ → [ʋoɲte mut͜ʃi] ‘the smell
bothers you’; *[ʋonte mut͜ʃi])
c. (saɲk-e → [saɲke] ‘sled’; *[saŋke])
The symbol ‘-’ denotes a morpheme boundary
within a word, and a blank space denotes a
boundary between words. Croatian nasal place
assimilation is active across both of these
boundaries. In (2d–e) and (3a–c) the bracketed
examples show the absence of place assimilation in
certain contexts: /m/ surfaces unchanged before
bilabials and velars, and /ɲ/ surfaces unchanged in
all contexts.
A recent phonological study [12]
suggested that in certain cases nasals assimilate in
continuancy as well as in place, arguing for the
necessity of the following implicational
relationship: If /n/ assimilates in place to bilabial
and labiodental consonants (i.e., if it changes to [m]
and [ɱ] in their respective contexts), and if /n/
assimilates in place to velar obstruents (i.e., if it
changes to [ŋ]), then /n/ assimilates differently to
/k, g/ than to /x/. While the alveolar nasal becomes
velar before all three Croatian velar segments, the
alveolar nasal remains non-continuant before stops
/k, g/, but it becomes continuant before the fricative
/x/. The reason for proposing this implicational
relationship is that the only applicable
phonological feature that discriminates between
bilabial and labiodental places is the manner
feature [±CONTINUANT], whereby [+CONT]
implies that the airflow through the oral cavity is
not completely blocked, while [–CONT] implies
that the airflow through the oral cavity is
completely blocked [2]. Thus a phonological rule
(shown in (4)) that accounts for the assimilatory
pattern of the Croatian /n/ at the two labial places

Keywords: continuancy, nasal place assimilation, nasal
velar continuant, electropalatography (EPG).

1. INTRODUCTION
Phonological and phonetic descriptions of Croatian
nasal place assimilation [1, 5, 9, 10, 11] report that
each of the three underlying nasals behaves
differently with respect to place assimilation: /n/
assimilates to bilabials, labiodentals and velars (1);
/m/ assimilates only to labiodentals (2); /ɲ/ does not
assimilate (3).
(1) /n/-assimilation
a. /jedan-put/ → [jedamput] ‘once’
b. /t͜ʃin-b-en-ik/ → [t͜ʃimbenik] ‘factor’
c. /on prat-i/ → [omprati] ‘he follows’
d. /inʋalid/ → [iɱʋalid] ‘invalid’
e. /on ʋid-i/ → [oɱʋidi] ‘he sees’
f. /kon-form-iz-am/ → [koɱformizam]
‘conformity’
g. /bank-a/ → [baŋka] ‘bank’
h. /kongres/ → [koŋgres] ‘congress’
i. /inxibir-a-ti/ → [iŋxibirati] ‘to inhibit’
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representative of the Standard Croatian speech
among 105 candidates.
The speech material consisted of seven
carrier sentences which contained seven Croatian
words with an underlying alveolar nasal + nonnasal velar obstruent cluster: three words with /n/
+ /x/ and four words with /n/ + /k/ or /g/ (e.g.
/inxibirati/ ‘to inhibit’, /tanke/ ‘thin FEM. PL.’,
/kongres/ ‘congress’). Each speaker repeated the
list of sentences six times, which resulted in 210
items for the analysis.

necessarily relies on the feature [±CONT], and,
crucially, this inclusion of [±CONT] in the rule has
ineluctable repercussions for the way /n/
assimilates at the velar place. In the study [12],
various representational formats (e.g., multiple
forms of Feature Geometry [3, 8], especially [6])
and operational architectures (e.g., Optimality
Theory [7], a constraint-based phonology) were
considered and discarded due to their inability to
account for the empirical facts. Ultimately, the only
extant framework powerful enough to account for
these alternations was a rule-based phonology that
treats segments as unstructured feature sets [12,
13].

2.2. Instrumentation and data preparation
EPG and acoustic signals were recorded
simultaneously. EPG data was recorded using the
WinEPG system and the Reading palate (Fig 1)
with the sampling rate set at 100 Hz. The acoustic
data were sampled at 44100 Hz using M-Audio
MobilePre external USB sound card/pre-amplifier.

(4) The rule of Croatian /n/-assimilation
/+COR, +NAS/ → [–COR, αANT, βBACK, γCONT] /
__ [–COR, αANT, βBACK, γCONT]
The account of the coupling of continuancy
assimilation and place assimilation presented
above stems solely from a formal phonological
analysis, i.e., it is a direct, automatic consequence
of strictly adhering to distinctive feature theory in
a rule-based framework. Even though somewhat
similar phenomena had previously been noted in
other languages [20, 21, 22, 23], this account has
not been empirically verified for Croatian.
Electropalatography (EPG) is well suited
for investigating and empirically verifying the role
of continuancy assimilation in nasal place
assimilation because it is the only instrumental
physiological technique that provides information
on the tongue-to-palate contact patterns during
speech [4]. Thus, our aim is to use EPG to
investigate tongue-to-palate contact patterns
during the production of Croatian [ŋx], [ŋk] and
[ŋg] clusters derived by rule (4). The purpose of
this investigation is to test experimentally the
claim—proposed
on
formal
phonological
grounds—that in Croatian nasal place assimilation
is coupled with continuancy assimilation [12, 13].
If continuancy assimilation does occur, then we
expect to find an incomplete velar closure during
the production of the nasal in a [ŋx] cluster, and a
complete or near complete velar closure during the
production of the nasal in [ŋk] and [ŋg] clusters.

Figure 1. Articulatory zoning scheme for the
Reading palate: 1 – alveolar, 2 – postalveolar, 3 –
palatal, 4 – velar (adapted from [17]).

Annotation and segmentation were performed
according to established acoustic criteria [15, 16].
The acoustic cue for the start of the nasal was the
drop in the acoustic energy at high frequencies as
well as the intensity and frequency discontinuity at
the vowel-nasal boundary, while the end of the
nasal was marked at the point where evidence of
fundamental frequency was no longer visible and
frication noise or occlusion silence began (Fig 2).
Data were sampled at the nasal’s mid-point.
Figure 2. An example of the application of the
criteria [15, 16] used to segment and annotate the
nasal.

2. METHOD
2.1. Participants and speech material
Five typical speakers (three females, two males) of
Standard Croatian ranging in age between 21 and
25 took part in this investigation. Their speech was
rated by five trained phoneticians as the best
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tongue-to-palate contact at the velar zone), except
perhaps in S5. Crucially, the results show the
absence of a full velar occlusion during /n/ in /nx/
sequences for all speakers.
Tongue-to-palate contact in /n/ followed
by a velar stop (/k/ or /g/) (Fig 4) shows that the
average velar contact is almost 80% (0.79, SD
0.14) and the average alveolar contact is much
lower (0.07, SD 0.09). The pattern of increased
velar contact when compared to the alveolar
contact can be observed in each speaker. All
speakers except S1 show signs of almost complete
place assimilation and at least three speakers show
some indication of complete velar closure during
/n/ when followed by velar stop. Velar contact
ranges between 0.59 in S4 and 0.92 in S3, which
shows that the lowest amount of velar contact in
nasal + stop sequences almost equals the highest
amount of velar contact in the nasal + fricative
sequence. Alveolar contact ranges between 0.03 in
S2, S3, S4 and 0.7 in S1.

2.3. Data analysis
Data annotation, preparation and analysis were
performed in the Articulate Assistant software
[17], while data visualization was done in MS
Excel. Two EPG indices were measured for each
nasal token: 1. The amount of contact in the
alveolar zone measured the number of contacted
electrodes in the alveolar zone as a fraction of the
total number of electrodes in that zone (14); 2. The
amount of contact in the velar zone measured the
number of contacted electrodes in the velar zone as
a fraction of the total number of electrodes in that
zone (8).
Variability was calculated for both of these
measures by dividing the standard deviation by the
mean and multiplying the result by 100 in order to
express it as a percentage. The amount of contact
in each row of electrodes was also exported.
Differences between different assimilation
conditions were tested using Repeated Measures
ANOVA.

Figure 4. The amount of alveolar and velar contact
in the production of the alveolar nasal followed by a
velar stop for each speaker.

3. RESULTS
The results of the alveolar nasal + velar fricative
sequence (Fig 3) show that the average velar
contact is below 50 % of electrodes (0.43, SD
0.14), while the average alveolar contact is lower
(0.27, SD 0.22). Maximum alveolar contact can be
observed in S1 (0.56) and the minimum can be
found in S5 (0.03). Velar contact ranges between
0.30 (in S1) and 0.61 (in S3). There are noticeable
inter-speaker differences in assimilatory strategies.
Some speakers produce /n/ before a velar fricative
with more contact in the alveolar than in the velar
zone (e.g., S1), while other speakers produce /n/
before a velar fricative with an increased velar
contact and very low alveolar contact (e.g. S5).
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The difference in velar contact between
nasal + fricative and nasal + stop sequences is
statistically significant (F(1, 8) = 14.821, p =
0.018), while the difference in alveolar contact
between these two sequences is not statistically
significant (F(1, 8) = 5.741, p = 0.075). Figure 5
shows a typical example of this difference at the
velar region.

Figure 3. The amount of alveolar and velar contact
in the production of the alveolar nasal followed by a
velar fricative for each speaker.
1
Amount of contact

0.8

Figure 5. EPG images of the mid-point in S5’s
pronunciation of the nasal in a /nx/ cluster (left) and
in a /nk/ cluster (right).
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There is no evidence of complete place
assimilation (i.e., a total absence of the tongue-topalate contact at the alveolar zone with some
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conform to an equivocal orthoepic norm of a
standard language—naturally leads to the EPG data
leaving the impression of absence of categoricality
(and of recalcitrancy in general) which is more
prominent in some speakers (S1, S2 and maybe S4)
than in others (S3 and especially S5).
The results show that nasal place
assimilation indeed is consistently coupled with
continuancy assimilation: the underlying alveolar
nasal stop /n/ (–CONT) is realized as a velar (or at
least velarized) nasal continuant (+CONT) before a
velar fricative /x/ (+CONT); the underlying alveolar
nasal stop /n/ (–CONT) is realized as a velar nasal
stop (–CONT) before velar stops /k/ and /g/ (–
CONT). This is corroborated by the statistically
significant (F(1, 8) = 14.821, p = 0.018) difference
in the electrode activation at the velar zone between
nasal + fricative vs. nasal + stop sequences.
However, two cautionary caveats are in order due
to methodological limitations. First, the number of
participants in the EPG experiment (5 native
speakers) might not be sufficient for reaching
definitive conclusions. Second, an intrinsic
shortcoming of EPG is that for physiological
reasons the velar zone is not entirely covered by
electrodes, therefore it is possible that some data
relevant for the research question of this study were
not taken into account. In future studies, these
limitations could be overcome by including
additional participants and employing other
kinematic techniques such as ultrasound.
To summarize, using EPG, this study
showed that in Croatian, nasal place assimilation is
generally coupled with continuancy assimilation:
underlying /n/ surfaces as a continuant [ŋ] before
/x/ and as a non-continuant [ŋ] before /k/ and /g/. It
was argued that the coupled place and continuancy
assimilation of /n/ before velar obstruents is driven
by the phonological rule (4), while the sporadic
retention of the original tongue-to-palate contact at
the alveolar zone (Fig 3) was attributed to extragrammatical functional factors superimposed on
the effect of rule (4).

4. DISCUSSION
The purpose of this EPG investigation was to test
experimentally the claim that in Croatian, nasal
place assimilation is coupled with continuancy
assimilation.
In all cases (summarized by Fig 3 and Fig
4), there is some tongue-to-palate contact at the
velar zone during the production of the nasal before
a velar, indicating that in general all speakers
perform nasal place assimilation at least to some
extent. Less tongue-to-palate contact at the velar
zone in the nasal of the /nx/ cluster (Fig 3)
compared to the nasal of the /nk/ and /ng/ clusters
(Fig 4) is consistent with the tested claim: the
presence of continuancy throughout the realization
of /nx/ clusters results in a lesser constriction at the
velum and therefore less electrode activation at the
velar zone than compared to the realization of /nk/
and /ng/ clusters which contain complete or nearcomplete closures. It is not uncommon that EPG
results show an incomplete closure for velar stops
because occlusion can sometimes occur beyond the
most posterior row of electrodes [19]. It is therefore
not surprising that some speakers do not produce
nasal + stop sequences with electrode activation
across the entire velar zone. Nevertheless, the
majority of speakers show more velar contact in
nasal + stop sequences than in nasal + fricative
sequences.
Also clear from the results in Fig 3 is that
speakers S1 and S2 employ different assimilatory
strategies from S3, S4 and S5 insofar as S1 and S2
produce a substantial tongue-to-palate contact at
the alveolar zone. The retention of this contact at
the alveolar zone in S1 and S2 (as opposed to its
relative absence in S3, S4 and S5) can most
plausibly be explained by appeal to extragrammatical factors: the relative infrequency of the
words containing /nx/ clusters coupled with the
latent orthoepic norm of Standard Croatian [10]
leads S1 and S2 to superimpose certain functional
factors (e.g., hyperarticulation) over the effects of
rule (4). A further complicating factor might be
individual
anatomical
and
physiological
differences in vocal apparatuses which lead
speakers to adopt different production strategies
[18]. However, the presence of the effects of rule
(4) is clear from the fact that speakers S1 and S2
still consistently produce a 30–35 % contact at the
velum.
The same reasoning can also be extended
to account for the apparent lack of categoricality in
assimilatory patterns: the interplay of categorical
mental (phonological) operations and functional
factors during speech—such as inconsistently
hyperarticulating less common words in order to
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A REAL-TIME MRI STUDY OF JAPANESE MORAIC NASAL IN
UTTERANCE-FINAL POSITION
Kikuo Maekawa
National Institute for Japanese Language and Linguistics (NINJAL)
kikuo@ninjal.ac.jp
ABSTRACT
Moraic nasal of Japanese, often symbolized as /N/, is
a nasal segment that has the status of an independent
mora. It is widely acknowledged that the place of
articulation of /N/ is determined by the assimilation
to the following consonants; for example, /aNma/,
/aNta/, and /aNka/ become [amma], [anta], and [aŋka]
respectively. There is, however, a lack of consensus
concerning the realization of /N/ in the utterance-final
position. Places of articulation of utterance-final /N/
hitherto stipulated in the literatures include velar [ŋ],
uvular [N], and nasalized vowels. A real-time MRI
movie database was analyzed to solve this problem.
Data of three male speakers revealed consistent
results. The location of closure for the final /N/ is
highly predictable by the membership of the
immediately preceding vowel. Closure locations
predicted by a generalized linear mixed-effect model
regression analysis showed high correlation
(between .887-.986) with the observed locations.
Keywords: Realtime MRI movie, moraic nasal,
Japanese, utterance-final, coarticulation
1. INTRODUCTION
Moraic nasal of Japanese, often symbolized as /N/, is
a nasal segment that is counted as an independent
mora in Japanese phonology. It is hence an exception
to the basic C0V mora structure of the language.
Additionally, it is acknowledged that the place of
articulation for /N/ is completely underspecified and
determined by assimilation to the following
consonants; for example, /aNma/ ‘massage’, /aNta/
‘you’, and /aNka/ ‘cheap’ become [amma], [anta],
and [aŋka] respectively. Based on these
characteristics, moraic nasal /N/ is often called a
“special” mora. As for the treatment of /N/ in
Japanese linguistics, see [1] among many others.
There is, however, a lack of consensus
concerning the realization of /N/ in the utterance-final
position, where nothing follows the /N/. Places of
articulation of utterance-final /N/ hitherto stipulated
in the literature include velar [ŋ], uvular [N], and
nasalized vowels. See Saito [2], Vance [3] and Hashi
[4] for a review of past works. As Hashi appropriately
pointed out, the principal reason for the lack of
consensus is the paucity of objective data on the
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articulation of final /N/. It is difficult, if not entirely
impossible, to make objective observations of
articulations that include the velum, uvula, tongue
root, and pharynx wall using traditional devices of
articulatory observation such as x-ray microbeam [5],
EMA [6], and WAVE [7].
Observation of articulatory movements by a
real-time magnetic resonance imaging movie (rtMRI)
is a solution to this problem [8,9]. It provides a clear
image of the whole vocal tract including the velum,
uvula, tongue-root, and pharynx cavity with
reasonable time-resolution (see below).
2. DATA
2.1. The database

In this paper, an rtMRI database, whose construction
has been underway since 2017 was analyzed [10].
The recording of articulatory movements was
conducted in the ATR Brain Activity Imaging Center
in Kyoto using a 3T MRI system (Siemens
MAGNETOM Prisma fit 3T). Realtime recording of
articulatory movements in the midsagittal plane was
made with FLASH sequence with acceleration factor
3. Spatial resolution was 256 x 256 pixels with a pixel
size of 1 mm x 1 mm and slice thickness of 10 mm.
Temporal reconstruction rate was 14 frames per
second.
Currently, the database covers 9 subjects of
Tokyo Japanese each providing speech of about one
hour including a special portion devoted to moraic
nasal. Because the annotation of the database is
underway, samples of three male speakers of Tokyo
Japanese were analysed in this paper. For each
speaker, the special part of the database contained 62
instances of /N/, of which 38 and 24 were in wordmedial and word-final positions respectively.
Because the words were read in isolation, the wordfinal /N/ was realized utterance-finally. Note that
samples of medial /N/ having [h] and [w] as following
consonant were excluded. These samples will be
analysed in a separate paper.
2.2. Measurement and normalization

Each instance of /N/ was characterized by five
measurement points. In Fig. 1, the measurement

points were shown on a snapshot of the MRI movie.
Points c1 and c2 (shown by an empty circle) stand
respectively for the beginning and end of consonantal
closure for /N/, here dorso-velar closure. Points v1,
v2, and v3 (circle with cross) stand respectively for
the location of the tip of the tongue, the highest point
of the tongue, and, the most backward point of the
tongue. These points provide a rough overall tongue
shape during the /N/ articulation. The same v1-v3
measurement was also conducted for the vowel that
immediately preceded the /N/. The x- and ycoordinate values of these points are represented as
(c1x, c1y) or (v2x, v2y) in the rest of the paper.

that maximally met these criteria. For the
measurement of the preceding vowel, a frame that
was best approximated by the typical articulatory
position of the vowel was selected for measurement.
In most cases, the frame that was two frames before
the one chosen for the /N/ was selected. Among the
total of 186 instances of /N/, 25 were realized as
nasalized vowels. These instances were excluded
from the current analysis.
3. ANALYSIS
3.1. Medial /N/

First, the samples of word-medial /N/ were analyzed.
Fig. 2 shows the distribution of normalized c1 point
for the medial /N/. The data are pooled over three
speakers. Here, samples are classified according to
the places of articulation of the immediately
following consonants. The abbreviations in the
legend “Alv”, “Lab”, “Pal”, and “Vel” stand
respectively for “alveolar” ([t],[ts],[tʃ],[s],[n],[z],[ɾ]),
“labial” ( [b], [Φ]), “palatal” ([j], [ç]) , and “velar”
([k]). Fig.2 shows that there is nearly perfect
separation of samples due to the following
consonants; this finding is congruent with the
description of ordinary (i.e., word-medial) /N/ in the
literatures.
Fig. 1: Measurement points

Because the size of the vocal tract differs
considerably depending on the speakers, the
measured values were normalized for each speaker
with reference to the locations of the anterior nasal
spine (ANS) and posterior nasal spine (PNS) [11].
ANS and PNS are shown using filled circles
connected by a real line in Fig.1.
In the original MRI image file, the origin of the
coordinate was in the upper-left corner as shown by
the dotted arrows in Fig. 1. The new origin was set at
the location of ANS, and all measurement points were
rotated so that the line connecting ANS and PNS
became parallel to the original x-axis. The distance
from the new origin was remeasured using the ANSPNS distance as the unit length on both axes.
Although automatic annotation of the tongue and
other articulators are underway [12], measurement for
the current study was conducted manually using two
tools. The rtMRI movie annotation tool developed by
Asai, Kikuchi and Maekawa [13] and the ImageJ [14].
Measurement was conducted for a frame of the
MRI movie that had the typical characteristics of /N/,
that is, distinctly lowered velum and clear contact
between the upper and lower articulators. Because the
temporal reconstruction rate of the current movie is
relatively low (a frame corresponds to time interval
of about 70ms), it was not difficult to choose a frame
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Fig. 2: C1 distribution of medial /N/ as a function of
the place of articulation of the following consonants

Fig. 3: C1 distribution of medial /N/ as a function of
the preceding vowels

Fig.3 is the same as Fig. 2 except that the
samples are classified with respect to the preceding
vowel of the /N/. It is clear from the figure that the
influence of the preceding vowels on /N/ is negligible.
3.2. Final /N/

Next, the samples of utterance-final /N/ were
analyzed. Fig. 4 shows the distribution of normalized
c1 of the final /N/ samples; the data are pooled over
three speakers, and the samples are classified
according to the immediately preceding vowels.
Unlike Fig. 3, here, most samples are distributed in
the right half of the figure corresponding to the
articulatory regions of the hard palate, soft palate, and
uvula. Obviously, the place of articulation for the
final /N/ cannot be fixed to a single location. At the
same time, however, there seems to be moderate
correspondence between the location of the final /N/
and that of the preceding vowels. The capital letters
in Fig. 4 show the mean v2 locations of the preceding
vowels for reference.

Fig. 4: C1 distribution of final /N/ as a function of
the preceding vowels

symbol “+”). It is clear from Figs. 4 and 5 that, while
articulating the final /N/, the tongue has a higher
position than in the preceding vowels. Fig. 6
examines this issue more closely. Arrows in this
figure are the vectors connecting the v2 of the
preceding vowel and that of the final /N/. In the cases
of /u/, the length of the vectors is generally short. This
means that the tongue remains almost the same
between the preceding vowels and final /N/. In the
case of /i/, the vector length is short, but the directions
of the vectors are consistently backward and upward.
The same tendency is observed in /e/ as well. The
vectors of /o/ are characterized by relatively large
perpendicular upward movement. Last, the vectors of
/a/ have the largest length. With respect to the
direction, however, there seem to be two subgroups.
One is characterized by /o/-like perpendicular upward
movement, and the other is characterized by
backward and upward movement such as in the cases
of /i/ and /e/. These observations will be discussed
later in section 4.

Fig. 6: Distributions of the vectors connecting the v2
locations of the preceding vowel and final /N/
3.3. Statistical modeling

Fig. 5: V2 distribution in the preceding vowels and
the final /N/

Fig. 5 shows the distribution of the v2 values of
the preceding vowels; the distribution of the v2 values
in the final /N/ is also shown for reference (by the
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The analyses presented in the previous sections
strongly suggest that the location of the final /N/ is
predictable from the membership of the preceding
vowel. To examine this hypothesis, a generalizedlinear-mixed-effect-model-based regression model
was constructed to predict the c1x value of the /N/.
For comparison, both medial and final /N/ were
analyzed. The membership of the consonants that
immediately followed the medial /N/, and, the vowels
that immediately precede the final /N/ were used as
independent variables, and speakers and words were
used as the random effect variables. The model was
constructed by the lme4 library (ver. 1.1-19) of the R
language (ver. 3.5.1) [15, 16].

Fig. 7 shows the correlation between the
observed and predicted c1x values. The results of
medial and final /N/ are shown together. The Pearson
correlation coefficients are .986 and .887 respectively
for the medial and final /N/. Further, the mean and SD
of the prediction error are 0.094 and 0.100,
respectively, for the final /N/, and 0.047 and 0.039,
respectively, for the medial /N/.

Fig. 7: Correlation between the observed and predicted
c1x values
3.4. Cross validation of the model

Although the result shown in Fig.7 seems to be quite
successful, it is based upon so-called closed data. To
evaluate the generalisability of the statistical models
to new data, leave-one-out cross validation was
conducted. The results are summarized in Table 1.
Prediction performance as shown by the overall mean
and SD is slightly lower, but it is on the same level as
that of the closed data model noted at the end of the
previous section. Additionally, the correlation
coefficients between the observed and predicted
values of the test set samples are 0.808 and 0.963,
respectively, for the final and medial /N/. These
results show that models can treat test data reasonably
well; hence, the model can be generalizable to new
data.
Table 1: Results of leave-one-out cross validations
Type of
/N/

Final

Medial

Prec. vowel /
Fol. cons.
/a/
/e/
/i/
/o/
/u/
Overall
Alv
Lab
Pal
Vel
Overall

Mean
error
.177
.127
.074
.060
.119
.118
.048
.085
.105
.122
.075

SD of
error
.217
.076
.083
.039
.040
.130
.040
.047
.079
.097
.064

N
20
25
15
13
5
78
32
15
9
9
65

4. DISCUSSION AND CONCLUSION
The analyses conducted above revealed that the place
of articulation of utterance-final /N/ in Japanese is
largely predictable from the membership of the
immediately preceding vowels. As shown by Fig. 6,
the final /N/s are phonetically realized by upward
(and occasionally rightward) movement of the tongue
from the location of the immediately preceding
vowels. When coupled with the descending
movement of the velum, the vocal tract closure for the
final /N/ can be created in various regions
encompassing the hard palate, soft palate, and uvula.
The linguistic consequence is that any trial to
specify a fixed place of articulation for the utterancefinal /N/ is of no use. In this respect, the description
of final /N/ by Saito [2], who stated that “the place of
articulation is velar after front vowels and uvular after
back vowels” (translation by Hashi [4]) seems to be
the most accurate among the existing literature, but
even this description is problematic in that it cannot
properly handle the wide dispersion of /N/ after the
/a/ vowel, as seen in Figs. 4 and 5.
As pointed out at the end of section 3.2, the
movement of the tongue from /a/ to /N/ is not uniform.
This is due probably to the phonological property of
the /a/ vowel in Japanese that does not have the
phonological opposition of [FRONT] and [BACK].
In Japanese, /a/ is realized as either front [a] or back
[ɑ] depending on the phonological context and
paralinguistic setting [17]. As the result, the /N/ after
the vowel can be realized as a palatal, velar, or uvular
consonant. The fact that the mean prediction error of
the final /N/ is the largest in the samples preceded by
/a/ (see Table 1) is the direct consequence of this
variability.
Although this study needs to be strengthened by
an analysis of samples where the /N/ is realized as
nasalized vowels, it would be safe to conclude from
the current analytical results that it is inappropriate to
treat the articulatory variation of utterance-final /N/
as a conditioned allophony. Rather, it is to be
understood as the variation caused at the level of
coarticulation. Put differently, it belongs to phonetics
rather than phonology.
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tem in order to retrieve meaningful segmental contrasts.
Malayalam exhibits a number of coronal segments
that makes it interesting to test the predictions of
both the above-mentioned tendencies in languages;
namely articulatory-motor and auditory-perceptual.
Malayalam has a three-way contrast in place of articulation among plosives involving the tongue-tip
(and also the tongue dorsum in the case of the
retroflex), namely dental, alveolar and retroflex [8].
Thus, Malalyalam poses interesting questions on
both these counts due to the fairly large number of
contrasting segments in the dental/alveolar region.
It has been shown that segments with greater articulatory and motor constraints, especially those involving the tongue-dorsum, tend to resist coarticulatory influence from neighbouring segments more
than those involving constrictions where the tonguedorsum may not be involved [1, 17]. More recently,
it has also been shown that in American English
the retroflexed rhotic is highly resistant to coarticulation from neighbouring consonants and vowels
[11]. Looking at the above mentioned constraints
that affect phonetic variability it can be expected
that the coronals in Malayalam will exhibit varying
degrees of coarticulation resistance as predicted by
the Degree of Articulatory Constraint (DAC) model
[17]. Given that retroflex articulation of coronals
must also involve tongue-dorsum gestures in addition to sub-apical gestures, the DAC will predict a
higher degree of coarticulation resistance in Malayalam retroflexes (relative to dentals and alveolars).
Similarly, the dentals, due to a blade articulation,
should also exhibit higher degree of coarticulatory
resistance when compared with alveolars. This tendency of dentals and retroflexes will predict variable
degrees of coarticulatory resistance. Additionally,
the acoustic variability in the density of contrasts in
Malayalam (alveolars being the most sparse, with
dentals and retroflexes more equivalent) would result from an interaction of the auditory-perceptual
dimensions and the articulatory-motor constraints.
Hence, it would be interesting to test whether the predictions of the DAC are borne out given the varying

ABSTRACT
Measures of coarticulation from two models of
consonant-vowel formant transitions – locus equations (LEs) and target-locus scaling (TLS) – are presented for Malayalam coronals. For both VC and
CV transition models, LE slopes exhibited an ordering inconsistent with expectations based purely on
estimates of articulatory complexity (i.e., retroflex
< alveolar ≤ dental). In the CV context, LE slopes
were found to be: tt < úú < ”t”t, whereas in the VC
context the ordering of dental and retroflex reversed
to yield tt < ”t”t < úú. Alveolars consistently had the
flatter slopes, a result predictable from their sparse
representation in the lexicon. The retroflex < dental
ordering in CV context is consistent with predictions
based on articulatory complexity. The VC results
suggest an asymmetry in coarticulation of retroflex
stops with preceding and following vowels. These
results suggest that coarticulatory resistance is mitigated by lexical imbalance. We discuss the production dynamics underlying these patterns through
TLS models of the VC and CV formant trajectories.
Keywords: coarticulatory resistance, coronals,
Malayalam, locus equations.
1. INTRODUCTION
Acoustic variation in the realization of phonetic segments in a language can be attributed to the size of
the segmental inventory on the one hand [13, 14],
and to resistance towards coarticulation on the other
[16]. The resultant acoustic variation can be thought
of as being a product of two constraints, contrastive
and articulatory-motor. First, the degree of coarticulation resistance will shape the spread of coarticulation into-and-from neighbouring segments. Secondly, languages with large phoneme inventories,
compared to those with relatively smaller ones, will
have less diffuse realizations of phonemes in the
same acoustic space. This variation in speech production has to be modeled by both human speech
perception or any automatic speech recognition sys-
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degrees of acoustic diffusion predicted by auditoryperceptual constraints.

2.2. Materials

Seventy-six items were chosen for this study, the majority of which were bisyllabic words. All items contained a V1 C:V2 sequence, where V1 was from the
set /ə, o, i, u, e/, and V2 was from the set /ə, a:, i, o,
u, e/. The items were placed in a carrier sentence,
and the block of sentences was repeated four times.

As a further complication, Malayalam retroflex
stops and nasals tend to exhibit a generally low F2
[8]. These findings lead to the assumption that F2
height may be a language-particular phenomenon
[10]. While, there may not be a consensus on the
role of F2 in the production of retroflexes, F3 measures, universally, tend to show lower values [8, 18].
Within this context findings from [12, 21, 9] are relevant in positing F3 as an important cue, especially in
dense coronal systems. In that respect both the DAC
and the auditory-perceptual constraints will predict
variable interactions of F1, F2 and F3 values at consonant release and at the mid-point of the following
vowels.

2.3. Recording

All recordings were carried out using a head-worn
cardioid condenser microphone (Shure Beta 53), and
digitized with a sampling rate of 22.5 kHz. The
recordings were analyzed in Praat 6.0.4 [2]. Audio
files were annotated manually, and verified by multiple annotators. For each VCV sequence, F2 was calculated from the Burg formant tracker in Praat, with
formant tracks checked visually and hand-corrected
for errors. For locus equations F2 was calculated at
onset/offset (5% and 95% of the vowel, respectively)
and midpoint. For the target-locus scaling model
F2 was calculated at 9 equidistant points between
vowel midpoint and consonant onset/offset (for VC
and CV, respectively).

While segmental properties of coronals have been
looked at to some extent in Hindi [15] and in Malayalam [8], it has yet to be shown what impact, if any,
the density of the contrasts has on phonetic variability. In this paper, we present results from F2 locus
equations [20] as derived from vowel onsets/offsets
and vowel midpoints, and discuss the import of the
locus equation slopes as an index of coarticulatory
resistance. We find that while locus equation slopes
offer complete discrimination between the alveolardental-retroflex contrast in Malayalam, there are narrower differences between retroflexes and dentals,
consistent with cross-linguistic data on retroflexdental stop contrasts. The inability of locus equations to capture differences in transition shape, suggests examination of an additional model – targetlocus scaling [6, 5, 4] – that may offer clarifying information to the problem of modeling coarticulation
in dense coronal systems.

3. RESULTS
3.1. Locus equations

Locus equations were derived for each stop POA in
each position (CV, VC) for each speaker according
to Equation 1.
(1) F 2c = β + αF 2v
( )
where α = ρ σσvc is the LE slope which serves
as an index of V -to-C coarticulation, with steeper
slopes corresponding to greater coarticulation. In the
case of CV transitions, F 2c corresponds to F2 5%
into the following vowel, whereas for VC transitions
F 2c is measured at the 95% normalized time point
from the preceding vowel. In both cases F 2v is taken
at vowel midpoint for either the following (V2 ) or
preceding (V1 ) vowel.
Figure 1 displays the locus equations for CV transitions from dental, alveolar, and retroflex stops in
Malayalam. Both female and male speakers show
clear separation between alveolar stops and dentals/retroflexes, with alveolars having the flattest
slopes, followed by retroflexes, then dentals.
In a mixed-effects model with POA predicting LE
slopes, and Participant as a random intercept, significant differences between all three stops were obtained, with alveolars the most resistant to coarticulation (α = 0.431; αa−d = -0.215, t = -10.39, p

2. METHODS
2.1. Participants

Ten female and ten male speakers between the ages
of 17 and 23 were chosen for this study from nine
districts of Kerala, with four or less (>20%) speakers from each district. All participants were students
enrolled in Bachelors or Masters programs at the university and were chosen for having been raised and
educated in Kerala at least till the age of 15. Participants reported no known speech or hearing difficulties. Of the 20 speakers, fifteen had studied Malayalam till grade 10, three received less than four years
of formal instruction, and six reported having studied Malayalam at a junior college/Bachelors level.
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Figure 2: VC locus equations for female and male
speakers. Aggregate lines are plotted in black.

Figure 1: CV locus equations for female and male
speakers. Aggregate lines are plotted in black.

LE model in that it models formant transition patterns based on a vowel axis defined as

< 0.001; αa−r = -0.161, t = -7.761, p < 0.001),
retroflexes the second-most resistant (α = 0.592,
αd−r = 0.055, t = 2.632, p = 0.012), and dentals the
least resistant (α = 0.647). This pattern is consistent
with both distributional and gestural (DAC) accounts
of coarticulatory propensity, as the alveolar pattern
is predicted from their extreme sparsity in the lexicon, while the retroflex pattern (relative to dentals)
is expected given that all else equal, retroflex articulations are more complex and subject to less coarticulatory influence from the vowel.
In VC position (Figure 2), the same alveolar pattern was obtained (α = 0.519; αa−d = -0.0785, t
= -3.606, p < 0.001; αa−r = -0.203, t = -9.329, p
< 0.001), but retroflexes and dentals reverse order,
with retroflexes coarticulating the most with the preceding vowel (α = 0.723), and dentals intermediate
between the two (α = 0.598, αd−r = -0.125, t = 5.724, p < 0.001). The reversal of relative degree
of coarticulation between dentals and retroflexes in
VC transitions is predictable both internally from
a distributional account (retroflexes appear more
commonly post-vocalically and word-finally than do
dentals), and cross-linguistically from general typological preferences for post-vocalic retroflex stops,
which are motivated both perceptually and articulatorily [10].

(2) Fcv (n) = Lc + (Tv − Lc )Kc (n)
where Fcv (n) is the scaled formant transition (F
= F1, F2, F3, etc.) in a given CV context, Lc is the
‘locus’ frequency of consonant C, Tv is the ‘target’
frequency of vowel V , and Kc (n) is a scaling function that captures the similarity of formant transitions
to/from a given consonant across a range of vowel
contexts, as well as controlling the degree to which
transitions tend to deviate from vowel target or consonant locus. The above parameters were calculated
according to the procedure outlined in [3, 5, 6]. And
while Equation 2 is defined for explicitly CV transitions, it is equally applicable to VC position.
To understand the coarticulatory characteristics of
each stop implied by the model, we first examine the
scaling function Kc (n), which in addition to summarizing F2 transitions into and out of constrictions at
each place of articulation, provides information on
the degree to which vowel formants are compressed
or rarefied (at a given point in the transition) relative
to their target values. Then, we employ a variation
on Broad and Clermont’s (2010) derivation of the LE
slope through the formula α = ac (1)/ac (10), which
accounts for the transition shape in addition to onset
and offset characteristics; namely, we take the mean
of ac (n). For example, in Figure 3 we simulate two
different families of formant transitions with identical onset and offset formant frequencies but different shapes, and consequently different coarticulatory
profiles.
This measure, while necessarily related to the
scaling function Kc (n), depends on fewer assumptions about the ultimate form of the model, and as a
summary of the function ac (n) that ultimately con-

3.2. Target-locus scaling

While the locus equations do yield significant separation between all three places of articulation, in both
CV and VC transitions, the close similarity in dental
and retroflex slopes, as well as the general density
of the coronal system, motivates further modeling
of the dynamics of the transitions themselves. For
this we employ the target-locus scaling approach of
Broad and Clermont [3, 4, 5, 6], which is unlike the
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are substantially compressed relative to their targets,
which means that the steeper LE slope for retroflexes
was due not to less coarticulatory resistance from
the consonant, but the opposite. This result highlights the critical alternative way in which vowel
midpoints and offsets/onsets can be highly correlated
(i.e., yielding steeper LE slopes): Vowel midpoints
can be driven significantly by the adjacent consonant. This point is related to the discussion of vowel
aggression in [7], though Chen and colleagues utilize a different form of the locus equation to address
C-to-V coarticulation. On the contrary, what the
retroflex VC transition illustrates is that such correlations between F 2v and F 2c (as in Figure 2) may
still be obtained for vowels that have generally been
shifted to be closer to the consonant locus. Such a
case merely implies that the domain and range of F2
values are compressed relative to other contexts.

Figure 3: Simulation of the effect of changing
contours on the scale parameter in the TLS model
for trajectories with equivalent endpoints (and thus
equivalent locus equations). With a lower ac , the
bottom panel exhibits greater coarticulatory resistance from the consonant.

The transition profiles in CV position are more in
line with expectations, with retroflexes and dentals
similar and both showing little deviation in vowel
formants from their targets by midpoint. By contrast, alveolars show considerably less convergence
on vowel targets, but with a larger Kc range, unlike
in the retroflex VC case above.

taines the locus equation slope as a special case, represents a useful link between the two approaches.
Figure 4 shows VC and CV transition scaling
functions Kc (n) per consonant place of articulation,
aggregated across participants. For the transition
into the stop closure, alveolars and dentals are strikingly similar, though alveolars exert a greater influence on the vowel near the point of closure (as evidenced by their greater compression of the vowel
formant ensemble, VFE; see [5, 6] for detail). This
difference is consistent with the slightly shallower
locus equation slope for the alveolars in VC position.
VC

Across participants, ac was consistent with LE
slopes in CV position (i.e., alveolar < retroflex <
dental; ps < 0.01), but in VC position reflected the
fact that preceding vowels were shifted substantially
toward the retroflex (i.e., retroflex < alveolar = dental), thus indicating that the two models diverge in
certain critical areas with regard to their coarticulatory predictions.

CV

4. DISCUSSION
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Models of F2 transitions and derived locus equations have successfully modeled both place of articulation discrimination [20] and coarticulatory resistance [16] due to tongue-tip, tongue-blade, and
tongue-body engagement. However, dense coronal
systems, such as in Malayalam, have posed challenges for such models [19, e.g.]. In this paper, we
first show that such systems can in some cases be accounted for in the LE model, but that Malayalam’s
unique lexical distribution may be partly responsible for this result. Contrary to the predictions of
the DAC, Malayalam alveolars resist coarticulation
more than the retroflexes in CV position. However,
the VC data, though consistent in LEs, reveal the opposite pattern in the TLS model, providing greater
motivation for attention to the full formant transition
in coarticulation models.
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Figure 4: Scaling functions KC (n) by stop POA,
for VC and CV transitions, aggregated across participants.

Retroflexes, on the other hand, show a notably different pattern. Even at midpoint, vowel formants
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ABSTRACT
The neighborhood density of a word is the number of
words that sound similar to it. Phonotactic probability
is a measure of how typical (for a given language) the
phoneme sequences in a word are. These two factors
are known to affect speech perception in opposing
directions: high neighborhood density slows down
processing while high phonotactic probability speeds
it up [30]. This finding supports hybrid models of
phonological representation [24], as neighborhood
density effects operate on lexical, and phonotactic
probability effects on sublexical representations.
The present paper, investigating word-initial
double clusters retrieved from the Greater Poland
Spoken Corpus [14], tests the predictions for
durational variation in fricatives following from
Vitevitch and Luce [30]. It has been found that high
neighborhood density is associated with longer while high phonotactic probability with shorter fricative durations. Thus, further support for hybrid
models of phonological storage is provided.
Keywords: hybrid models, mental lexicon,
neighborhood density, phonotactic probability,
corpus phonology
1. INTRODUCTION
There are two competing approaches to phonological
representation: the abstractionist approach and the
rich storage approach. The abstractionist approach is
adopted in most of generative work and embraces the
model of speech production proposed by Levelt et al.
[17], with abstract lexical representations and feedforward architecture of speech production involving
discrete modules. The rich storage approach,
associated with the exemplar theory [12, 4, 23],
assumes phonetically rich representations and sees
abstract lexical representations as, at best,
epiphenomena. Recognizing the need for both levels
of representation in the mental lexicon, so-called
hybrid models of phonology have been proposed [24,
9, 5].
One of the experimental findings supporting
hybrid models is presented by Vitevitch and Luce
[30], who found divergent effects of phonotactic
probability and neighborhood density on speech
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recognition. High phonotactic probability, they
found, facilitates word recognition, while high
neighborhood density hampers it. An interpretation of
this finding that they propose is that the effect of
phonotactic probability stems from the role of
sublexical representations and the neighborhood
density effect stems from the role of lexical
representations
in
speech
processing.
As
neighborhood density and phonotactic probability are
positively correlated [16], Vitevitch and Luce [30]
compared processing speed of words and nonce
words. Their reason for using nonce words was that
no lexical effects were to be expected for them,
enabling the facilitatory effect of phonotactic
probability to transpire. For the real words,
conversely, the inhibitory effect of neighborhood
density was expected to prevail, so that highprobability, high-density words were predicted to
show longer reaction times than low-probability lowdensity words. This was indeed the case.
It has been argued that the structure of the mental
lexicon can be manifested in the speech signal itself
[1], and different types of phonological
representations have been claimed to manifest
themselves in speech production data [10]. The
effects of neighborhood density and of phonotactic
probability have indeed been attested in speech
production. Low neighborhood density has been
shown to be associated with more centralization in
vowel production [22, 33], (though cf. [8]), and high
neighborhood density has been found to be associated
with higher degrees of coarticulation [27]. High
phonotactic probability, on the other hand, is
associated with greater accuracy in nonword
repetition [31].
With multiple regression modeling it is now
possible to investigate the influence of (weakly)
correlated predictors [32]. Seizing on this
opportunity, the present study investigates the
divergent effects of neighborhood density and
phonotactic probability in acoustic speech production
data, drawn from a corpus [14] of unscripted speech.
By definition, the study is limited to real words only.
Using unscripted speech increases the ecological
validity of results [29], by going beyond careful,
laboratory speech style. This analysis has sought to
ascertain the divergent effects of neighborhood

density and phonotactic probability on the durational
variation in fricatives. Fricatives in words with high
neighborhood densities are predicted to show less
durational reduction, i.e. longer durations, than
fricatives in words with low neighborhood densities.
This is in keeping with Lindblom’s [18] model,
according to which lexical items which might pose
difficulty for the listener show less reduction than
items posing less difficulty. As items with higher
numbers of neighbors have been shown to slow down
retrieval [19], their durations are expected to be
longer. At the same time, fricatives in words of high
phonotactic probability are predicted to show more
durational reduction, i.e. shorter durations, than
fricatives in words of low phonotactic probability.
Higher levels of activation of frequent sublexical
units should contribute to their greater temporal
reduction.
2. METHOD

2.2. Analysis

A mixed-effects linear regression model was fitted to
the data with the lme4 package [3] in R [26]. The use
of a mixed-effects model, i.e. one involving random
terms (intercepts and slopes) was called for since the
observations are not independent: there are several
observations for each speaker and for each item (cf.
Baayen et al. [2]).
2.2.1 Outcome variable: Phonetic duration
The duration of the fricative, which was always the
first element of the cluster, was log-transformed,
centered, and entered as a continuous response
variable. The log transformation, while making the
interpretation less intuitive, was required since
entering a raw duration measure resulted in the
heteroskedasticity of residuals in an initially fitted
model.
2.2.2 Test variables: Neighborhood density and
phonotactic probability

2.1. Data

Words (N = 2788, 702 distinct word-form types)
beginning with double consonant clusters (one of the
fricatives: /ɕ ʂ ʑ f s v x z/ followed by a plosive, nasal,
liquid or glide) were retrieved from the Greater
Poland Spoken Corpus [14]. The corpus contains
interview speech of 63 speakers (50 female, 13 male),
and includes phoneme-level and word-level
annotations force-aligned using acoustic models
trained with HTK [34] for each speaker individually
in LaBB-CAT [7], an Open Source corpus
management and annotation suite. Fricatives were
chosen on the assumption that their segmentation
would be relatively reliable. Since they are
obstruents, their aperiodic noise makes their
segmentation from preceding vowels easier than
would be the case for sonorants. Their relatively
stable acoustic cues are present throughout most of
the production of fricatives. This makes them
preferable to stops. The closure stage of a stop may
be silent, and so its beginning is unidentifiable if
following a pause, and acoustic cues to stop release
often spill onto the following vowel. Clusters rather
than singletons were decided on as words containing
clusters provide the opportunity for a more finegrained measurement of phonotactic probability.
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The two main predictor variables for this study were
phonotactic probability and neighborhood density.
The two metrics were calculated using Phonological
CorpusTools [11]. For the calculation of phonotactic
probability, the algorithm developed by Vitevitch and
Luce [30], based on average bigram positional
probabilities across a word, was used. For
neighborhood density, the standard approach of
measuring string similarity (the Levenshtein edit
distance) was used, i.e. the number of lexemes that
would be formed by removing, substituting or adding
one phoneme to a given word was computed. Both
measures were calculated based on the transcriptions
in the Greater Poland Spoken Corpus [14].
2.2.3 Co-variates
A number of covariates were included in the model to
account for the variance stemming from factors
known to influence durational variation. These were:
average per speaker speech rate (a syllables per
second measure of all speaker utterances in the
corpus, a numerical predictor), speech rate deviation
(the difference between the speech rate of a given
utterance and a speaker’s average rate, cf. [28], a
numerical predictor), speaker gender (a binary
predictor), word-form frequency (based on
SUBTLEX-PL [21], numerical predictor), word
duration (numerical predictor), morphological status
(whether the fricative is a prefix, a binary predictor,
cf. [25]), and stress (whether the initial syllable is
stressed or not, cf. [20], binary predictor).

2.2.4 Random effect structure
To account for durational properties inherent to a
given fricative [13, 15], a by-fricative random
intercept term was included. To account for speakerspecific variation, the model included a by-speaker
random intercept, as well as by-speaker random
slopes for each of the test variables – neighborhood
density and phonotactic probability – to allow for
differences in the size of the effects of these variables
on individual speakers.

shorter (β̂ = -0.12, p < 0.001) (agreeing with Plag et
al.’s [25] results for the unvoiced fricative). If the
initial fricative is in the onset of a stressed syllable, it
is longer (β̂ = 0.08, p < 0.001) (as in [20]). The effects
of gender and lexical frequency have not reached
statistical significance. A summary of all fixed effects
is presented in Table 1.
Figure 2: An increase in neighborhood density is
associated with an increase in fricative duration.

3. RESULTS
The model converged with Marginal R2 of 0.106, and
Conditional R2 of 0.423. The discrepancy between the
two measures attests to the importance of including
random terms – a large portion of the variance that the
model accounts for is taken care of by the random
effects. The random effect affecting the duration of
the fricative the most was the identity of the fricative
(SD = 0.26), followed by the identity of the speaker
(SD = 0.07). The by-speaker phonotactic probability
random slope had a standard deviation of 0.04, and
the by-speaker neighborhood density random slope
had a standard deviation of 0.01. The inspection of a
histogram and a Q-Q plot of the residuals (not shown)
gave no reason to suspect the violation of the
normality assumption.
Figure 1: An increase in phonotactic probability is
associated with a decrease in fricative duration.

Crucially for the research hypothesis, larger
phonotactic probability values are associated with
shorter durations (β̂ = -0.03, p = 0.011), while larger
neighborhood density values are associated with
longer durations (β̂ = 0.02, p < 0.001). Partial effect
plots in Figures 1 and 2 illustrate these two effects
(the predictor effects were calculated by averaging
over all other fixed effects, using the effects package
[6]). The grey bands are 95% confidence intervals.
Table 1: Summary of fixed-effect coefficients in
the linear regression model of durational variation:
Coefficient estimates, standard errors, z, and
corresponding p-value.

Moving on to fixed-effects, the results of modeling
attest to a statistically significant association between
a number of predictor variables and fricative duration.
Fricatives produced at a speaking rate faster than
usual for a given speaker are shorter (β̂ = -0.05, p <
0.001). Fricatives produced by speakers who
generally speak fast relative to other speakers are also
shorter (β̂ = -0.05, p < 0.001). Somewhat more
surprisingly, the longer the word, the longer the
duration of the initial fricative (β̂ = 0.93, p < 0.001).
If the initial fricative forms a prefix, its duration is
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Predictor

β̂

SE (β̂ )

z-value

Pr (>|z|)

(Intercept)

-0.28

0.10

-2.80

0.021

Phonotactic
probability

-0.03

0.01

-2.58

0.011

Neighborhood
density

0.02

0.00

4.35

<0.001

Rate deviation

-0.05

0.01

-4.77

<0.001

Average rate

-0.05

0.01

-3.81

<0.001

Gender Male

-0.02

0.03

-0.59

0.557

Word duration

0.93

0.06

14.99

<0.001

Frequency

0.01

0.01

0.57

0.567

Prefix TRUE

-0.12

0.02

-4.80

<0.001

Stress TRUE

0.08

0.02

3.85

<0.001

4. DISCUSSION
The predictions following from the research
hypothesis were confirmed. Within the same set of
acoustic speech production data, statistically
significant divergent effects of neighborhood density
and phonotactic probability were found.
Neighborhood density effects, as they show the
influence of the number of similar words on a given
word’s processing, point to an abstract, lexical level
of processing. Lexical neighbors are related, or
similar, with regard to abstract phonological entities.
Phonotactic probability effects, on the other hand, as
they show the influence of the frequency of
occurrence of sublexical, positionally defined units
on a given word’s processing, point to a sublexical
level of processing.
Consequently, further support is provided for
hybrid models of phonology, such as [23, 9, 5]. Both
lexical and sub-lexical levels of phonological
processing, in production as well as in perception,
need to be incorporated into phonological models to
get a full picture of phonological storage in the mental
lexicon.
These findings complement those of Vitevitch and
Luce [30], who found divergent effects of
neighborhood density and phonotactic probability in
speech perception. Additionally, besides going from
perception to production, this study has also tested the
predictions following from the original study to
another language, Polish, thus further extending the
generalizability of the effect. Finally, a case for the
usefulness of using unscripted speech corpus data,
coupled with mixed-effects regression modeling for
probing phonological questions has been made.
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ABSTRACT
Previous analysis of Punjabi ultrasound data
suggests that the dental-retroflex contrast during
consonant closure is less distinct in nasals than in
stops. However, the contrast could potentially be
encoded by tongue movement during the preceding
vowel. Here, we analyse series of ultrasound frames
extracted from the onset the preceding /a/ to the
release of /t ʈ n ɳ/. Similarity of the contrast across
manners was assessed by reducing the dimensionality
of these series of frames and submitting them to a
linear discriminant analysis, training on one manner
and attempting to classify place in its counterpart. The
results suggest that classifiers trained on stops are
more accurate than those trained on nasals, and that
classifiers trained on one manner do not generalize
well to the other. This confirms that the dentalretroflex contrast in Punjabi nasals is less distinct than
in stops, even taking the transition from the preceding
vowel into account.
Keywords: speech production, articulation, retroflex,
manner, ultrasound, Punjabi.
1. INTRODUCTION
Like most languages of South Asia [1], Punjabi (IndoAryan) exhibits a phonemic contrast between dental
and retroflex place in consonants, cutting across
various manners of articulation, including stops and
nasals (e.g. baːt ‘saying’ vs. vaːʈ ‘distance’; khaːn
‘Khan (surname)’ vs. khaːɳ ‘mine’) [9, 19]. The place
contrast in Punjabi nasals, however, is more
phonetically reduced, lesser in magnitude, and,
consequently, is subject to variability and merger (in
some dialects) [23]. The nasals’ lesser distinctiveness
is likely rooted in the physiological and aerodynamic
factors involved in their production [17]. In general,
coronal nasals have weaker constrictions than stops
and show greater propensity to flapping (for /ɳ/) and
apicality (for [n]) (see [5, 16] on the contrast in
Gujarati and Kannada). These manner-specific
constraints are at least in part counterbalanced by
considerations of gestural economy and uniformity
[16], as it is advantageous for speakers to employ the
same lingual gestures for similar articulations, such
as retroflexes or dentals as a class. Individual Punjabi
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speakers, however, may respond to these conflicting
pressures in their own ways, producing phonetic
variation across the population (cf. [13, 4, 8]).
The lesser distinctiveness and variability of the
dental-retroflex contrast in nasals was clearly
observed in [15]. This study analysed ultrasound data
from Punjabi speakers producing the consonants /t, ʈ,
n, ɳ/. Ultrasound video frames were extracted from
the point of maximum tongue displacement and
submitted to a principal component analysis
(following [11, 12, 8]). The resulting scores were
used to train a linear discriminant analysis (LDA) to
classify new tokens by place of articulation (dental or
retroflex). Two LDAs were performed, varying the
training and testing sets by (1) training the model on
stops and testing it on nasals, and (2) training on
nasals and testing on stops. The results showed high
accuracy in classification of the contrast in the
training data, although higher for stops than nasals
(100% vs. 92%). The classifier performed worse
when extended to test data of the other manner: on
average 67% of stops and 57% of nasals were
classified correctly based on training sets of nasals or
stops, respectively. These findings were interpreted
as reflecting differences in the implementation of the
place contrast across manners (cf. [6, 7] on Hindi), as
well as the weaker contrast in nasals.
However, the difference in classification
accuracy of stops and nasals could be due to temporal
under-sampling of the data. A single frame from the
consonant closure may not have captured the full
realization of the contrast, particularly for inherently
dynamic articulations such as retroflexes. Previous
studies have shown that the tongue tip for retroflexes
begins to retract early during the preceding vowel
and, after achieving the target, continues to move
forward during and after its closure [21, 17]. It is
therefore plausible that some information about the
dental-retroflex contrast in nasals is contained in the
preceding vowel and was missed in the previous
analysis. The goal of the current study is to extend the
analysis of the Punjabi dataset by analysing the entire
VC interval for /t, ʈ, n, ɳ/. The analysis also included
two additional improvements in pre-processing of the
data for analysis: using a more sophisticated noisereduction filter and limiting the data submitted to
PCA and LDA to a region of interest defined for each
individual participant.

2. METHOD
2.1. Participants and materials

The participants and materials were the same as in
[15]. That is, 14 native speakers of Punjabi (P3-P16,
7 females) from Punjab, India (residing in Toronto,
Canada) read a list of nonsense words, including
items with the 4 consonants in the symmetrical /a_aː/
context (adapted from [6, 7]), as shown in Table 1.
The list was presented in the Gurmukhi script, which
has distinct symbols for dental and retroflex stops and
nasals. On average, 9 repetitions per item per speaker
were collected with a total of 517 tokens.

Following [11, 20], a principle component
analysis (PCA) was carried out on each speaker’s set
of series objects to reduce the dimensionality of the
data. Rather than carry out a single PCA including all
speakers, a separate PCA was carried out for each
speaker to avoid incorporating non-linguistic speaker
variation (due to probe orientation and morphological
variation) into the speaker-specific realization of the
linguistic contrasts being examined. Loading plots of
PCs 1-3 or “eigentongues” [11] for one speaker are
shown in Figure 2.
Figure 1: A sample image of four selected frames
for [banaːb] by P14.

Table 1: The words used in the study and numbers
of analyzed word tokens and ultrasound frames.
Consonant
dental stop
retroflex stop
dental nasal
retroflex nasal

Word
(Gurmukhi)
ਬਾਤਾਬ
ਬਾਟਾਬ
ਬਾਨਾਬ
ਬਾਣਾਬ

Word
(IPA)
[bataːb]
[baʈaːb]
[banaːb]
[baɳaːb]

Tokens
Figure 2: PC1-3 “eigentongues” (explaining over
50% of variation) of four evenly-spaced frames for
Speaker P14.

131
130
127
129

2.2. Instrumentation and procedure

Data were collected using the Telemed Echo Blaster
128 CEXT-1Z system with an Articulate Instruments
pulse-stretch unit. The frame rate was 35.39 fps., the
probe field of view and depth were 93.27 degrees and
150 mm. The probe was stabilized using an Articulate
Instruments stabilization headset [24]. The audio,
collected at a sampling rate of 22,050 Hz, was
synchronized with the ultrasound video using the
Articulate Assistant Advanced software [2]. The
sessions were conducted in Punjabi.
2.3. Analysis

For each token, frames were extracted for the entire
VCV interval, that is, the target consonant closure and
the preceding and following vowels. VC transitions
are known to be important for encoding the dentalretroflex contrast [5, 21]. Given this, we selected for
the analysis four evenly spaced frames from the first
half of each time series. This subset typically included
the closure and release, as speakers produced the first
vowel shorter than the second vowel (e.g. [baʈaːb]),
following Punjabi phonotactics [19].
The extracted frames were filtered to reduce
speckle noise following [20]. All frames were
cropped to a region of interest, manually drawn for
each speaker, that contained all tongue contours. Each
token’s four cropped frames were then concatenated
into a single basis object (Figure 1).
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Taking the PC scores as a representation of
tongue shape, two linear discriminant analyses
(LDAs) were performed for each speaker as follows.
A first LDA was trained using PC scores for the
dental and retroflex stops /t, ʈ/; the resulting linear
discriminant was used to classify the dental and
retroflex nasals /n, ɳ/ as either dental (/t/) or retroflex
(/ʈ/) in terms of tongue shape. A second LDA reversed
the roles of each manner, training the model on the
nasals /n, ɳ/ and classifying the stops /t, ʈ/ as either /n/
or /ɳ/. The two linear discriminants served as indices
of the speaker-specific dental-retroflex contrast for
the manner each was trained on. Classifying one
manner according to the linear discriminant trained
on the other in turn indicated how comparable the
dental-retroflex contrast was across manners for a
given speaker. The LDA classification results are
presented below as rates of ‘dental’ and ‘retroflex’
responses. PCAs and LDAs were carried out using
scikit-learn [22], and “eigentongue” images were
produced using Matplotlib [12], both done in Python.

3. RESULTS
3.1. Training based on stops

Figure 3 shows results of the first LDA, which was
trained on stops in order to classify nasals.
Classifications of training (/t, ʈ/) and test categories
(/n, ɳ/) are shown as proportions of ‘dental’ and
‘retroflex’ responses, separately for each speaker’s
dataset. It can be seen that the training categories /t/
and /ʈ/ produced by all speakers were classified
overwhelmingly correctly. Only speakers P3, P5, and
P12 showed less than perfect classification of the
stops. Some of these errors can be attributed to image
sets where the tongue front was partially obscured by
the chin bone (particularly for P12).
The testing categories, on the other hand, were
classified differently for different speakers. Only six
speakers showed the expected /n/ classification – as
predominantly dental (P4, 6, 9, 13, 14, 16). Other
seven speakers showed incorrect, predominantly
‘retroflex’ responses (P5, 7, 8, 10, 11, 12, 15).
Speaker P3 showed highly variable classifications.
The classification of /ɳ/ was also variable, while
showing higher rates for the correct category: it was
identified as predominantly retroflex for seven
speakers and as predominantly dental for six
speakers. Curiously, classifications of testing
categories (as dental or retroflex) for most speakers
were similar regardless of the consonant. For
example, both /n/ and /ɳ/ by P6 were uniformly
classified as dental, while both /n/ and /ɳ/ by P8 were
uniformly classified as retroflex. As a result, the place
contrast in nasals has failed to be distinguished by
LDA, except for a single speaker (P14).

P14) neutralize the place contrast to either /n/ or /ɳ/.
The overall higher number of retroflex classifications
suggests that neutralization is towards the retroflex
rather than the dental place. Or, it could be an
intermediate category that is identified by LDA as
more similar to /ʈ/ than /t/. Another possibility is that
the speakers did produce the contrast, yet it was
realized differently in nasals than in stops.
3.2. Training based on nasals

Figure 4 shows results of the second LDA, which was
trained on nasals in order to classify stops. The
classification of the training categories, /n, ɳ/, was
relatively accurate, but lower than for stops in Figure
3. It was nevertheless well above chance and
observed for all speakers. This is an important
finding, as it indicates that place in nasals is produced
largely distinctly, contrary to one of the possible
conclusions reached above in section 3.1. The
classification of the testing categories /t/ and /ʈ/ was
much poorer and showed considerable variation.
Thus, /t/ and /ʈ/ were classified predominantly
correctly for seven and eight speakers, respectively,
while they were misclassified or variably classified
for the other speakers. Despite this variability, the
results here show a better discrimination of the place
contrast in nasals: the model was able to correctly
classify test segments’ place for four speakers – with
a 100% accuracy for P8 and P15, and at relatively
high accuracy rates for P11 and P16). This is different
from the results of the first LDA, which was able to
distinguish the contrast for only one speaker.
Figure 4: LDA classification of 4 consonants:
trained on nasals, testing stops; ‘T’, ‘N’ = /ʈ/, /ɳ/.

Figure 3: LDA classification of 4 consonants:
trained on stops, testing nasals; ‘T’, ‘N’ = /ʈ/, /ɳ/.

The results of place classification for nasals can be
interpreted in two ways. First, speakers (other than
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Overall, the results for this set support our second
interpretation made based on the stop training set:
Punjabi speakers do not seem to neutralize the place

contrast in nasals; rather they appear to implement the
contrast differently in nasals than in stops.
3.3. Comparison with previous analysis

The conclusions we reached in the previous sections
are that (i) the dental-retroflex contrast in Punjabi is
implemented somewhat differently in stops and
nasals and (ii) the contrast in nasals is not as robust as
in stops. Exactly the same conclusions were reached
in [15], the study that analysed the same data set by
examining a single ultrasound frame per token. In
contrast, here we analysed a set of four frames from
the entire VC interval of each token. A question arises
as to whether there are any differences in the results
between the two analyses. Figure 5 presents a
comparison of linear discriminant scores of the two
analyses, separately by consonant and task. Dentals
and retroflexes are expected to have lower and higher
LD scores, respectively. Of interest for us here is the
degree of separation between the consonant
categories under each task condition and in each
analysis. The figure confirms that the two analyses
were very similar in distinguishing the contrast in the
training sets (although better for stops than nasals)
and largely neutralizing it in the testing set (while
doing slightly better in stops). The new analysis,
however, shows somewhat lower discrimination of
training categories and higher variability in test
categories compared to the old one.
Figure 5: LD scores for 4 consonants comparing
two analyses (‘old’ and ‘new’); ‘T’, ‘N’ = /ʈ/, /ɳ/.

These differences can be attributed to differences
in frame selection. Frames for the current analysis
were selected automatically (at four equidistant
points within the VC interval), and thus may not have
included the frames where the tongue was maximally
displaced. In contrast, such frames were manually
selected in the old analysis, and appear to have
contributed crucially to the discrimination of the
place contrast. In the future, it would be useful to
combine these two methods or possibly increase the
number of analysed frames.
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4. DISCUSSION
The goal of this study was to extend the analysis of
the Punjabi dental-retroflex contrast explored in [15]
by including ultrasound frames from the VC interval
for the consonants /t, ʈ, n, ɳ/. This was done because
VC transitions have been noted to play an important
role in distinguishing the dental-retroflex contrast [5,
21]. One may therefore expect that the lack of crossmanner generalizations observed in [15] could have
resulted from the absence of this information. The
results of the current study, however, are remarkably
similar to those in [15] and point to considerable
differences in the phonetic implementation of the
place contrast in stops and nasals. They also confirm
the earlier observation that the contrast in nasals is not
as distinct as in stops and highly variable (see also
[19] on Punjabi; [5, 7] on Gujarati and Hindi).
Importantly, however, results of both studies lead to
a conclusion that, despite this variation, the place
contrast in nasals is not (fully) neutralized by any of
our speakers. This is contrary to the authors’ auditory
impressions reported in [15], where some speakers
were perceived to merge the two nasals or to vary
them across repetitions. If this were indeed the case,
we would have observed considerably lower correct
classification rates for nasals in the training set. It
appears thus that the contrast in nasals is maintained
by all speakers, but to various degrees and not always
consistently [cf. 13, 4]. At the same time, we should
not discount a possibility of category separation being
somewhat influenced by spurious differences in
images (e.g. probe rotation across repetition blocks).
Regardless of the exact interpretation of the
results and some differences between the methods
employed, the data clearly exhibit substantial
variation within and across speakers, and this
variation is primarily observed in nasals rather than
stops. This variation can be interpreted as
manifestation of individual strategies to resolve
conflicting demands – accommodating mannerspecific physiological and aerodynamic constraints
[17] and enforcing gestural uniformity [18, 16, 3, 8].
A few speakers appear to prioritize uniform
implementation of the retroflex-dental contrast, but it
is obvious that this is rather exceptional among our
speakers, suggesting that the change towards the
reduction of the contrast in the language is fairly
advanced.
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ABSTRACT
This study explores whether temporal information
associated with different lexical tones influences the
perception of vowel duration. In a perception
experiment, Mandarin and Korean listeners rated the
duration of duration-controlled CV syllables carrying
one of the four lexical tones in Mandarin and a
reduced Tone 3 (T3half, X21). The results showed that
perceived vowel duration by Korean listeners
reflected general perceptual biases: contour tones
were rated as longer than level tones, and high-f0
tones (e.g., X55) were rated as longer than low-f0
tones (e.g., X21). In direct contrast, although contour
tones were generally rated as longer than level tones,
Mandarin listeners overestimated the duration of
vowels carrying T3, the longest tone in production:
X214 (T3full) was rated as the longest, and X21
(T3half) was rated as longer than X55. The findings
suggest that perceived vowel duration is guided by
redundant temporal cues available in one’s native
language as well as general auditory biases.
Keywords: perceived vowel duration, temporal cue,
tone, pitch contour, Mandarin
1. INTRODUCTION
Perceived vowel durations have been shown to
correlate with pitch height, pitch movement and ones’
native prosodic system (e.g., [4, 7, 8, 10, 13]). For
example, Gussenhoven & Zhou [4] tested tone
(Mandarin) as well as non-tone (Dutch) language
speakers in their perceived duration of vowels of
different pitch heights and contours with duration
manipulated on a 4-step continuum. The results
showed that, independent of language background,
the listeners perceived vowels of equal durations with
high-f0 as longer than those with low-f0. The results
were interpreted as evidence of perceptual
compensation: due to physiological restrictions,
vowels with high-f0 tend to be short in production,
but are corrected in perception and are thus perceived
as longer.
Pitch movement has also been shown to have an
effect on perceived vowel duration [3, 6, 7, 8, 11]. For
example, Cumming [3] tested French and German
duration
of
speakers’
relative
perceived
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falling/rising/complex vs. level tones. The results
showed that independent of their native language,
listeners consistently gave longer duration judgments
to dynamic f0 contours than static f0 contours. The
results were taken to reflect a general perceptual bias
wherein listeners simulate the articulatory gestures
involved in the production of dynamic tones. Along
the same lines, other studies have shown that vowels
with rising contours are perceived as longer than
those with falling contours (e.g., [8]), reflecting
physiological difficulties in the production of a rising
contour produced against natural airflow dynamics.
In addition, the prosodic system of one’s native
language has also been shown to have an effect on
perceived vowel duration. For example, Šimko et al.
[10] showed that languages with a quantity system
(Estonian, Swedish and Finnish) made more precise
duration judgments; speakers of Mandarin, a
language lacking vowel length contrasts, on the other
hand, performed poorly. Among the languages with
vowel length contrasts, Estonian and Finnish use
pitch movement to co-signal quantity contrast. These
speakers showed even higher duration/pitch
sensitivity.
Building upon the literature demonstrating the
impact of pitch height, pitch movement, and native
prosodic systems on the perception of vowel duration,
the present study reports another factor — the
phonetic knowledge of one’s native language — that
contributes to the perception of vowel duration.
Specifically, it was tested whether redundant
temporal cues associated with lexical tones
systematically influence how vowel durations are
perceived.
2. TARGET LANGAUGE AND PREDICTION
The current study tests the perception of Mandarin
vowels carried by different lexical tones. Mandarin is
a quantity insensitive language, but the phonetic
durations of lexical tones vary. In a corpus study, Wu
& Kenstowicz [12] established the following
durational hierarchy: T3 (X214, M= 407 ms) > T2 (X35,
M= 364 ms), T1 (X55, M= 333 ms) > T4 (X51) M= 286
ms). In addition, the canonical T3 (X214), the longest
tone in production, has a reduced variant T3half (X21)
when followed by a tone other than itself [14]. T3half
is short in duration and low in pitch, and its f0-

trajectory no longer forms a contour shape (see Figure
1).
If perceived vowel duration is languageindependent, listeners’ perceived duration should
follow the general perceptual biases outlined below.
Each bias makes a specific prediction about vowels
carried by different Mandarin tones.

of the stimuli. All syllable-tone combinations are
well-formed and possible words in Mandarin to avoid
lexical biases for or against certain tones. These
syllables were produced by a phonetically trained
male native Taiwan Mandarin speaker. Figure 1
shows the f0 trajectories and durations of the recorded
tokens.

Bias 1. Vowels with a dynamic f0 should be
perceived longer than those with a static f0:
T2 (X35), T4 (X51), T3 (X214)
> T1 (X55), T3half (X21)
Bias 2. Vowels with a rising contour should be
perceived longer than those with a falling
contour: T2 (X35) > T4 (X51)
Bias 3. Vowels with a high f0 should be perceived
longer than those with a low f0:
T1 (X55) > T3half (X21)
However, if the perceived duration is, to some
extent, informed by the phonetic knowledge
associated with different lexical tones in the native
language, T3 is likely to be overestimated due to its
long duration in production. The lexical link to the T3
category may further lead to the overestimation of
T3half as well. To test these predictions, the present
study examined perceptual patterns of native speakers
of Mandarin in comparison with those from Korean
listeners without any experience in tone languages.
3. EXPERIMENT
3.1. Methodology

Figure 1: Mean f0 trajectories and durations of the
naturally produced tokens
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These tokens were then resynthesized into a
five-step duration continuum, 290–320–350–380–
410 ms, falling within the duration range of
Mandarin syllables, using the Pitch Synchronous
Overlap and Add (PSOLA) algorithm in Praat [2].
Figure 2 shows the example stimuli resynthesized
to 290 ms. A fixed stimulus [pa] set to be 350 ms
in mid-level tone was also resynthesized to serve
as an anchor.
Figure 2: Example stimuli [pa] resynthesized in
290 ms and the anchor stimuli (*) set to be 350 ms
in mid-level tone
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3.1.2. Stimuli
Four CV syllables, [pa], [pi], [ta], and [ti], were
selected as the target syllables. Unaspirated
consonants were chosen because Gussenhoven &
Zhou [4] showed that speakers might perceive
aspiration as part of the vowel duration [4]. Two
vowels [i] and [a] were used to increase the variability

T3

140

3.1.1. Participants
20 Taiwan Mandarin speakers (10F, 10M; ages 1936; M= 22.89) were recruited to serve as the target
group, and 20 Korean speakers (12F, 8M; ages 19-34;
M= 24.7) served as the non-tone language baseline
group. Although Korean is traditionally known to be
quantity-sensitive, vowel length contrasts have been
shown to have levelled for young Seoul Korean
speakers [5]. None of the Korean participants had
learned Mandarin or spoke Korean dialects with pitch
accents. None of the participants reported hearing or
speaking deficiencies. All participants were
compensated monetarily for their time.
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3.1.3. Procedure
The 100 resynthesized stimuli (4 syllables [pa, pi, ta,
ti] x 5 tones [T1, T2, T3, T3half, T4] x 5 duration
steps [290–320–350–380–410 ms]) were presented
twice in two blocks using E-Prime [9]. The 200 trials

To interpret the results, a linear mixed-effects
regression model was fitted to the data in R using the
lme4 package [1]. The dependent variable was the
participants’ judgments of vowel durations converted
to z-scores for each speaker. The model included
fixed effects for Group (Mandarin, Korean), Tone
(T1, T2, T3, T3half, T4), Duration (5 steps, converted
to z-scores), and Vowel ([a], [i]). The model included
random intercepts for Participant as well as byparticipant random slopes for the fixed factors. In
addition, the model included an interaction term for
Group, Tone, and Duration.
The model using T4 as a baseline showed T3 and
T2 were perceived as longer than T4 (p=.015 and
p=.003, respectively) which were in turn perceived as
longer than T3half and T1 (p=.007 and p=.002,
respectively). The results reflect Perceptual Bias 1: all
the dynamic tones (T2, T3, T4) were judged to be
longer than the level tones (high-level T1 and lowlevel T3half) independent of language background. In
addition, the Duration–Group interaction was
significant (p=.002), reflecting the steeper slopes for
the Korean group (Figure 3) than the Mandarin group
(Figure 4). This result indicates Korean listeners have
a higher sensitivity to acoustic vowel durations.
The three-way interactions between Tone–
Duration–Group were significant for some tones, and
as such, separate models were fitted for each language
group to interpret the results. Except for the Group
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Figure 3: Mean of estimated perceived vowel
durations by tone by Korean listeners
Tone
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T3half

1.0
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3.2. Results

factor, the rest of the structure of the statistical model
remained identical to the larger model. The results of
the Korean group showed T2, a rising tone, was
perceived as longer than T4, a falling tone (p=.002),
consistent with Perceptual Bias 2. The perceived
duration of T3 was not significantly different from
that of T4 (p=.208), but T4 was judged to be longer
than T1 (p=.046) and T3half (p<.0001). In a separate
model with T1 as a baseline, it was established that
T1 was perceived as longer than T3half at a marginal
level (p=.053). This result confirms Perceptual Bias 3
whereby high-level tones are perceived longer than
low-level tones, all else being equal.
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Figure 4: Mean of estimated perceived vowel
durations by tone by Mandarin listeners
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were randomized for each participant and presented
in an AX task in which “A” was the anchor stimulus
([pa] fixed at 350 ms in mid-level tone) and “X” was
the target stimulus. The ISI was set as 800 ms.
Participants were instructed verbally in their
respective languages as well as with written
instructions on the computer screen. They were asked
to listen to each pair of sounds and judge the relative
duration of the target stimulus compared to the anchor
stimulus. The judgments were made on a 7-point
scale, with 1 being the shortest, 4 the same, and 7 the
longest.
Six practice trials were presented before the
experiment to familiarize participants with the task.
These trials contained the experimental stimuli in
either the longest duration step (410 ms) or the
shortest (290 ms) randomly chosen from the four
syllables and five tone combinations. The experiment
was conducted in sound-attenuated booths using
high-quality headphones in two separate locations,
one at National Chiao Tung University for Taiwan
Mandarin listeners and the other at National Seoul
University for Korean listeners. The total duration of
the experiment was around 20 minutes.
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In contrast, the results of the Mandarin group
(Figure 4) showed some patterns that could not
entirely be accounted for based on the general
perceptual biases. In particular, T3 was perceived as
significantly longer than T4 (p=.041), which was not
different from T2 (p=.098). A clear cross-linguistic

difference arises such that Korean listeners judged T2
the longest, while Mandarin listeners judged T3 the
longest. In addition, T3half was not significantly
different from T4 (p=.546) which was perceived as
longer than T1 (p=.016). Again, T3half, the shortest
tone for the Korean listeners, was equivalent to other
contour tones for the Mandarin listeners.
The aggregated data of the perceived vowel
duration carried by different tones are ordered below
for each language group. Contour tones are indicated
in italics and T3 categories in bold.
(longer)

(shorter)

Kor: T2(35) > T3 (214), T4 (51) > T1(55) > T3half(21)
Mand: T3 (214) > T2(35), T4(51), T3half(21) > T1(55)

4. GENERAL DISCUSSION
The results of the perception study showed that,
overall, dynamic tones were perceived as longer than
static tones. This pattern was observed for both
groups, indicating that Perceptual Bias 1 is stronger
than linguistic experience. However, differences
between language groups were evident, suggesting
the importance of linguistic experience. In the
following, we consider the source of the observed
group differences.
First, between the level tones, T1 was perceived as
longer than T3half for the Korean group while a
reversed pattern was found for the Mandarin group.
Consistent with the common pattern (Perceptual Bias
3) in which syllables with a high-f0 elicit a longer
perceptual duration than those with a low-f0, the
results of the Korean group can be taken to support
perceptual compensation: due to articulatory
constraints, high-f0 tones are often shorter in
production than low-f0 tones, and this asymmetry is
corrected in perception such that high-f0 tones are
overestimated compared with low-f0 ones, all else
being equal.
The reversed pattern in the Mandarin group is thus
intriguing. We attribute this to the lexical association
between the members of the T3 category. Although
T3half itself is low in pitch, the phonological
knowledge of tonal allophones seems to have linked
T3half to its unreduced counterpart, T3full, the
longest tone in production. This seems to have driven
the reversal of low-f0 T3half above high-f0 T1 in
perception.
Second, among the contour tones, Korean listeners
perceived T2 as longer than T3 while Mandarin
listeners conversely perceived T3 as longer than T2.
The Korean group’s performance can, again, be taken
as a reflection of perceptual compensation; syllables
with a high-f0 (T2, 35) are perceived longer than
those with a low-f0 (T3, 214). On the other hand, the
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overestimation of T3 by the Mandarin listeners
reflects their phonetic knowledge of lexical tones,
namely T3 has the longest duration in production.
The results, however, appear to contradict the
findings in Gussenhoven & Zhou [4]. In their study,
the performance of the Mandarin listeners did not
follow the trend that was found in the current study.
In line with the predictions based on perceptual
compensation, Mandarin listeners perceived vowels
as longer when their acoustic durations are shorter.
However, there is a crucial difference between the
current study and the previous one. In Gussenhoven
& Zhou [4], the stimuli were produced by a Russian
speaker and were manipulated into different f0
heights/contours which were not familiar to Mandarin
listeners, while the stimuli in the current study
maintained the pitch heights/contours of naturally
produced tokens by a native Mandarin speaker. The
only acoustic property being manipulated was the
duration. The stimuli in the current study were
manipulated from Mandarin speech and are therefore
likely to have enabled a processing at the
phonological level for the Mandarin listeners, which,
in turn, drove a strong linguistic experience effect.
Gussenhoven and Zhou’s study, on the other hand,
was designed to tap into pure phonetic processing and
thus induced a pattern consistent with the languageindependent general perceptual biases.
The higher sensitivity to vowel durations by the
Korean group may reflect the contribution of the
prosodic system of the native language. Although the
vowel length contrasts have reportedly been levelled
in the production of young Korean speakers, they
might still retain the contrasts at the phonological
level. Mandarin listeners’ lower sensitivity to vowel
duration, on the other hand, may be a reflection of the
lack of length contrasts in their native sound system
[10].
To summarize, the findings in the present study
suggest the perception of vowel duration cannot be
solely explained by universal mechanisms. Rather,
perceived vowel duration is guided by both redundant
temporal cues associated with different lexical tones
drawn from one’s linguistic experience as well as
general perceptual biases.
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ABSTRACT
Although tone language learners represent
the linguistic majority, much less is known about
lexical processing in tone language in comparison to
non-tone languages such as English. In addition, it
remains unclear whether monolinguals and
bilinguals differ in how they access spoken words in
tone languages. One way of investigating lexical
access in language is to investigate the effects of
lexical competition on word recognition. This
approach can reveal the cohort of related words coactivated upon hearing a particular word. In doing
so, this approach can reveal semantic connectivity in
the developing lexicon. In the current study, 6-yearold Mandarin learners’ spoken word recognition
abilities were investigated in a preferential looking
task. Mandarin monolinguals (N = 29) and EnglishMandarin bilinguals (N = 29) were sampled to
investigate the effects of bilingualism on vowel,
consonant and tone competition. Children heard
labels of target words in the presence of a visual foil.
Foils were either distractors that were
phonologically unrelated to the targets, or
competitors which were minimally different from
targets by a vowel, consonant, or tone.
Results reveal differential effects of
language background on children’s abilities and of
vowel, consonant and tone competition on word
recognition during the kindergarten years.
Keywords: Lexical Access, Lexical Tone, Language
Development, Bilingualism, Word Recognition
1. INTRODUCTION
In order to recognise spoken words, the language
processing system must select the appropriate
candidate within a set of phonologically similar
lexical candidates that compete with the target for
selection. Existing models of speech recognition
differ in their predictions about the nature of the
competitor set (e.g. TRACE [1], Cohort [2]).
Historically,
these
models
have
drawn
predominantly from European languages like
English and French, which use vowels and
consonants to distinguish word meanings. However,
the majority of the world’s languages use lexical
tones in addition to vowels and consonants to
distinguish words [3]. With the growing interest in

2012

studying language processing in tone languages,
there have been some attempts to modify popular
models such as TRACE [1] based on empirical
evidence derived from tone languages like
Cantonese and Mandarin (e.g. modified TRACE [4],
TTRACE [5]). However, these models [4, 5] do not
make detailed predictions about how factors such as
age, type of phonological competition and
bilingualism may influence spoken word
recognition, which will be explored in the current
study.
Previous research with Mandarin learning children
has revealed that the relative strength of the
mispronunciation effects for vowel, consonant and
tone substitutions changes during early childhood.
Mandarin learning infants and toddlers demonstrate
robust mispronunciation effects for tone [6, 7], likely
due to an early attentional bias to pitch variation that
may initially boost the phonological salience of
tones relative to vowels and consonants [8].
However, smaller mispronunciation effects for tones
relative to vowels and consonants are observed for
older children [7, 9]. Further up the age spectrum,
there is considerable empirical evidence with adult
native speakers of Mandarin that tones constrain
word recognition less tightly than vowels and
consonants [e.g. 4, 10]. However, when word
recognition takes place under highly constrained
environments, tone and segmental information can
exert similar effects [e.g. 4, 11]. For instance, in a
visual world paradigm, phonological competitors
that differed from targets by a tone or a rime
influenced lexical access in a comparable manner
[11]. Given the difference in mispronunciation
effects for segments and tones in early childhood
[e.g. 7, 9], it is unclear whether vowel, consonant
and tone competition exert similar effects in child
learners, a focus of the current study.
In addition, another critical theoretical question
pertains to the effects of bilingualism on spoken
word recognition [12]. Lexical access in bilinguals
differs from monolinguals as phonologically similar
words in both languages are simultaneously
activated when bilinguals process speech in one
language [12]. Therefore, bilingual learners have to
resolve both between- and within-language
competition during word recognition, which may
influence how easily bilinguals resolve phonological

competition relative to monolinguals. This question
will be explored in the current study. Furthermore,
exposure to the phonological systems of two
language systems can modify the ways in which
native language sounds are perceived relative to
monolinguals [13]. For example, individual
differences in English-Mandarin bilingual adults’
abilities to categorise native Mandarin tones was
related to participants’ age of English acquisition
and English proficiency [13]. It is an open question
whether the mental representations of lexical tones
are particularly vulnerable to effects of phonological
competition in learners who have acquired English
since birth, which will be explored in the current
study.
The goals of this experiment were to compare and
relative effects of vowel, consonant and tone
competition on lexical access, and to determine
whether bilingualism influences how learners
resolve phonological competition. Based on findings
from Mandarin-dominant bilingual adults [11], we
predict that for Mandarin monolingual learners,
segmental and tone competitors will contend for
lexical access in a comparable manner. However,
given evidence from adult native speakers
demonstrating that only bilinguals who had learned
English late in life had monolingual-like neural
patterns when categorising lexical tones [13], we
predict that for simultaneous English-Mandarin
bilingual learners, tone competitors will contend for
lexical access to a greater degree relative to vowel or
consonant competitors.
2. METHODS
2.1. Participants

Fifty eight native learners of Mandarin were
sampled for this study. Half of the sample comprised
Mandarin monolinguals (N = 29, Mage = 69.48
months, range = 64 to 75 months, 15 boys), and the
other half of the sample comprised simultaneous
English-Mandarin bilinguals (N = 29, Mage = 70.79
months, range = 65 to 78 months, 16 boys).
Monolingual children did not have habitual exposure
to a second language and attended a monolingual
kindergarten program. Bilingual children did not
have habitual exposure to a third language and
attended bilingual kindergarten programs that
conducted lessons in both English and Mandarin.
None of the children who participated in the current
study had any known disabilities or developmental
delays.
2.2. Stimuli

Test stimuli consisted of 36 concrete, imageable
words, which belonged to one of five trial types (see
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Table 1). In the phonological competitor conditions,
stimuli pairs were matched such that vowel,
consonant and tone competitors differed from targets
by one phonemic constituent [11]. In contrast,
distractors were phonologically unrelated to targets
and consisted either familiar [7, 11], or novel objects
[6, 7, 9]. Target and foil pairs were matched on
visual salience.
Table 1: Sample Stimuli List.
Trial Type
Vowel
Competitor
Consonant
Competitor
Tone
Competitor
Familiar
Distractor
Novel
Distractor

Target
Horse

IPA
[ma(214)]

Foil
Rice

IPA
[mi(214)]

Rabbit

[tʰu(51)]

Cloth

[pu(51)]

Cup

[pei(55)]

Blanket

[pei(51)]

Cow

[niou(35)]

Mountain

[ʂan(55)]

Bird

[niɑu(214)]

Accordion

[ʂou(214)
fəŋ(55)
tɕhin(35)]

Test stimuli were presented in sentence final
position with the carrier phrase [ni(214) khan(51),
na(51) ʂi(51)] (English translation: look, that is).
Given that monolingual and bilingual learners are
sensitive to accented speech [14], a monolingual
native speaker of Mandarin recorded stimuli for the
monolingual sample, and a bilingual native speaker
of English and Mandarin recorded stimuli for the
bilingual sample. All speech stimuli were recorded
in a sound attenuated room and were spoken in a
child directed register.
Coloured photographs of targets, competitors and
distractors were used to serve as visual stimuli.
Target and foil assignment in the first four trial types
counterbalanced across participants. For example,
‘rabbit’ was the target and ‘cloth’ was the
competitor for half of the participants, and this was
switched for the other half. Left-right positions of
targets and foils were also counterbalanced across
participants.
2.3. Procedure

The preferential looking paradigm was used in this
task to investigate spoken word recognition. All
children were seated at a comfortable viewing
distance from an LCD monitor. Auditory stimuli
were played via left-right speakers at a
conversational level of approximately 70dB. The
experimental session comprised 20 pseudorandomized test trials: vowel competitor trials (N =
4), consonant competitor trials (N = 4), tone
competitor trials (N = 4), familiar distractor trials (N
= 4) and novel distractor trials (N = 4). Each test trial
began with the onset of visual stimuli, which

comprised a target and a foil (either a distractor or a
phonological competitor). A naming phrase (English
translation: look, that is) was used to direct
children’s attention to the visual stimuli. Following
this, the target label, which occurred exactly 2500ms
after the onset of the visual stimuli, was played.
Each trial lasted 5000ms (see Figure 1).
Figure 1: Sequence of events in each preferential
looking test trial.

a within-subjects factor was conducted with PTL as
the dependent variable. The omnibus ANOVA
revealed no main effect of language group, F(1,56)
= 0.93, p = .34 (partial eta2 = .02), a significant main
effect of trial type, F(3,168) = 6.94, p < .001 (partial
eta2 = .11), and a significant interaction between trial
type and language type, F(3,168) = 3.87, p = .01
(partial eta2 = .07). In light of the interaction with
language group, we proceeded to separate analyses
for monolingual and bilingual learners (see Figure
2).
Figure 2: Proportion of total looking to target for
monolingual and bilingual learners of Mandarin.
Error bars reflect SEM.

Participants’ eye-movements were either coded
offline by a trained coder, or captured automatically
by the Tobii 60XL eye-tracking system. Previous
investigations have established high reliability
between eye-tracking data obtained by offline
coding and the Tobii 60XL system [6].
3. RESULTS
In line with conventions established in previous
spoken word recognition research [e.g. 15], the
dependent variable used in the analysis was fixation
to the target after labelling. To allow for time
required to initiate an eye-movement in response to
labelling, fixation data obtained in the first 200ms
was not analysed [15]. Thus, the proportion of total
looking to target (PTL) between 200-2500ms after
the onset of the target word was aggregated for
analysis. PTL was derived from the formula
T/(T+D), where ‘T’ represents total fixation to the
target and ‘D’ represents total fixation to the foil.
A paired-sample t-test was conducted to compare
PTL in the familiar distractor and novel distractor
conditions. Results revealed that differences in
distractor familiarity did not influence word
recognition, t(57) = 1.18, p = .24 (Cohen’s d = 0.31).
Thus, the familiar distractor condition and the novel
distractor condition were averaged to form the
distractor condition.
A 2 x 4 mixed-model analysis of variance
(ANOVA)
with
language
group
(monolingual/bilingual) as a between-subjects factor
and
trial
type
(distractor/vowel
competitor/consonant competitor/tone competitor) as
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For each language group (monolinguals/bilinguals),
a one-way repeated measures ANOVA with trial
type
(distractor/vowel
competitor/consonant
competitor/tone competitor) as a within-subjects
factor was conducted with PTL as the dependent
variable. There was no main effect of trial type for
the monolingual group, F(3,84) = 2.58, p = .06
(partial eta2 = .08), which indicates that target
fixation for monolingual children did not differ
based on the phonological identity of the foil present
in their visual world
A corresponding set of analyses with bilingual
participants revealed a significant main effect of trial
type, F(3,84) = 7.95, p < .001 (partial eta2 = .22).
This indicates that target fixation for bilinguals
differed based on the phonological identity of the
foil present in their visual world. Relative to trials
with distractors, bilinguals exhibited increased target
fixation in trials with vowel competitors (Ms 67.74%
vs. 74.76%) F(1,28) = 5.38, p = .03 (partial eta2
= .16). In addition, relative to trials with distractors,
bilinguals exhibited reduced target fixation in trials
with consonant competitors (Ms 67.74% vs.
60.24%), F(1,28) = 7.36, p = .01 (partial eta2 = .21)
and tone competitors (Ms 67.74% vs. 61.26%),
F(1,28) = 4.26, p < .05 (partial eta2 = .13).
4. DISCUSSION
In the current study, 6-year-old monolingual and
bilingual Mandarin learners heard correct

pronunciations of familiar words in the presence of
foils. Foils were either phonologically unrelated to
targets, or minimally contrastive by a vowel,
consonant or tone. Monolingual and bilingual
children responded differently to distractors and
phonological competitors: only bilingual children
were influenced by phonological competition.
Consonant and tone competitors hindered bilingual
lexical access, while vowel competitors did not.
The finding that monolingual children were
unimpaired by phonological competition adds to a
growing body of work demonstrating that bilingual
lexical access may be less efficient than monolingual
lexical access [see 16]. Some models of bilingualism
posit that bilinguals have to engage top-down
inhibitory mechanisms in order to manage crosslanguage interference from the non-target language
[e.g. 17]. The involvement of these additional
mechanisms may thus result in slower lexical
selection in bilinguals relative to monolinguals [17].
Alternatively, it may be that lexical representations
in bilinguals are more fragile than that of
monolinguals [18]. Given that bilinguals necessarily
engage less in each language than monolinguals,
weaker links between phonology and semantics in
each lexicon could ensue [18]. It should be noted
that these accounts are not mutually exclusive and
could work in concert to make bilingual lexical
access less efficient relative to monolinguals.
However, neither the cross-language interference
account [17] nor the weaker links [18] account can
adequately explain why bilingual lexical access was
only compromised when faced with competition
from words that minimally differed by consonants or
tones. In our study, English-Mandarin bilingual
children were not adversely affected by vowel
competition. One possibility, given the greater
overlap between monophthong vowels in English
and Mandarin, relative to onset consonants or tones
[19], could be that cross-language correspondences
between languages may have benefited words in the
vowel competitor condition. Though there is some
initial evidence to support the suggestion that
phonological overlap benefits bilingual word
recognition [20], further research with non-cognate
words is necessary.
Instead, another possibility could be that vowel
information is privileged relative to consonants and
tones in Mandarin. Indeed, a phonological bias
towards vowel information over consonant
information could arise as a function of both topdown and bottom-up factors. Firstly, vowels are
more informative than consonants in Mandarin as
the probability of correctly identifying a given word
by only knowing its vowel is higher than knowing
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its consonant [10]. Second, vowels have greater
acoustic-phonetic salience than consonants in
Mandarin, as they are obligatory components of
Mandarin syllables [8] and are processed integrally
with tones [5].
The current study provides novel evidence that
bilingualism influences how Mandarin learners
resolve phonological competition from vowels,
consonants and tones. Although Mandarin
monolingual children were unaffected by
phonological competition, lexical access in EnglishMandarin bilinguals was vulnerable to the effects of
consonant and tone competition.
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ABSTRACT
Perceptual categorization has been shown to be
biased by various linguistic knowledge, including
native inventory, lexicon, phonotactic restrictions,
and morphological alternation. Building on previous
studies on segmental categorization, the present study
investigates whether tonal categorization may be
biased by knowledge of accidental gaps (i.e., syllabletone combinations that could but do not exist) in
Mandarin. In a forced-choice identification
experiment, Mandarin listeners were presented with
CV syllables carrying a tone along one of two
continua, T1-T2 (level to rising) or T1-T4 (level to
falling), with a word on one end and an accidental gap
on the other, or with both ends being words or gaps
(e.g., *T1-T2, T1-*T2, T1-T2, *T1-*T2). The results
showed that Mandarin listeners’ responses, though
heavily guided by syllable frequencies, were biased
towards the non-gap endpoints on the continua. The
results
suggest
that
listeners’
perceptual
categorization is sensitive to segmental as well as
suprasegmental (tonal) information.
Keywords: accidental gaps, categorical perception,
speech perception, tone, Mandarin
1. INTRODUCTION
Previous studies have demonstrated that speech
perception may be shaped by a speaker’s linguistic
knowledge. For example, in a study examining the
influence of the lexical status of a phonetic sequence
on phonetic categorization, Ganong [6] employed a
continuum of stops varying in VOT in which one end
was a word and the other was a non-word (e.g., task*dask, *tash-dash), and asked participants to identify
the word they heard. The results showed that English
speakers were more likely to identify ambiguous
stimuli as the real words (task or dash) along the
continuum.
Phonotactic restrictions have also been shown to
affect phonetic categorization. Massaro and Cohen
[12] demonstrated this effect through an
identification experiment in which segments [l] and
[r] were synthesized along a continuum and
embedded after [s] and [t], creating [sl]-*[sr] and
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*[tl]-[tr] combinations. English speakers consistently
made more [l] responses when ambiguous sounds
were embedded after [s], but more [r] responses when
the identical sounds were placed after [t], suggesting
an influence of phonotactic knowledge on speech
perception.
In a similar study testing speech perception in
Korean speakers, Ahn [1] synthesized a continuum
from [ti] to [tɕi] and embedded the ambiguous sounds
within homo-morphemic (e.g., [tipa]-[tɕipa]) and
hetero-morphemic (e.g., [nit-ida]-[nitɕ-ida]) contexts.
In Korean, [t] and [tɕ] are phonemic within
morpheme boundaries while [t] becomes [tɕ]
preceding [i] across morpheme boundaries. The
results showed that the boundary of categorization
was biased towards [tɕ] in hetero-morphemic
contexts, providing evidence for the effect of
morphological restrictions on speech perception.
While previous studies have demonstrated a
sensitivity to segmental features, there is little
evidence of speech sound categorization being
shaped by suprasegmental information (c.f., [5]). The
present study aims to investigate the role of
suprasegmental information in speech perception by
examining the effect of accidental gaps on Mandarin
speakers’ tonal categorization.
Mandarin is a tone language with four phonemic
tones: high-level Tone 1 [X55], rising Tone 2 [X35],
falling-rising Tone 3 [X214], and falling Tone 4 [X51].
However, not every allowable syllable carries all four
tones. For instance, the syllable [tsʰu] can be
combined with T1 ([tsʰu]55 “coarse”), T2 ([tsʰu]35
“die” in Old Chinese), and T4 ([tsʰu]51 “vinegar”), but
not with T3 (*[tsʰu]214). These syllable-tone
combinations that could but do not exist are termed
‘accidental gaps’ [4]. Building on previous works, the
present
study
investigates
whether
tonal
categorization may be biased by the knowledge of
accidental gaps.
2. EXPERIMENT
To examine Mandarin speakers’ tonal categorization,
we conducted a forced-choice identification
experiment.

Figure 1: f0 trajectories of tokens synthesized using
PSOLA.

2.1. Methodology

2.1.1. Participants
20 Taiwanese Mandarin speakers (16F, 4M; ages 2037, M= 22) were recruited from National Chiao Tung
University. None reported any hearing deficiencies.
All participants were compensated monetarily for
their time.
2.1.2. Materials
To examine listeners’ tonal categorization, Mandarin
CV syllables carrying a tone along one of two
continua were selected: T1-T2 (level to rising) or T1T4 (level to falling). Eight pairs were selected so that
each pair contained a word on one end and an
accidental gap on the other, or with both ends being
words or gaps (e.g., *T1-T2, T1-*T2, T1-T2, *T1*T2). Since only a limited number of tokens fit this
criteria, token frequency (Table 1 [15]) was not
balanced. The possible effect of the unbalanced token
frequency is discussed in Section 3.
Table 1: Syllable frequencies of the selected tokens
T1-T4 continua

T1-T2 continua
Tokens

Frequency

Tokens

Frequency

*[tɤ]55-[tɤ]35
[tʰa]55-*[tʰa]35

gap-844
11,088-gap

*[ly]55-[ly]51
[ha]55-*[ha]51

gap-3,129
27-gap

55

35

[ta] -[ta]
*[ny]55-*[ny]35

146-157
gap-gap

55-

51

[ta] [ta]
*[tɤ]55-*[tɤ]51

146-3,375
gap-gap

The eight syllables were naturally produced and
recorded by a phonetically trained female native
Taiwan Mandarin speaker. Two sets of continua were
then synthesized. Following the common practice of
previous studies involving pitch manipulation, we
used the Pitch Synchronous Overlap and Add
(PSOLA) algorithm in Praat [3] to create the first set
of stimuli. The endpoint stimuli were first
manipulated to have the same duration (i.e., the mean
duration of the endpoints) to avoid temporal cues that
would favor one end over the other (T1-T2: 484 ms;
T1-T4: 465 ms). For each pair, the f0 of T1 endpoints
was set as 256.2 Hz, the mean f0 of all the T1 tokens.
Then a 10-step continuum was resynthesized using
equal steps along the semitone scale, with 196.2 Hz
at the tone onset to 256.2 Hz at the tone offset for the
rising contour, and 256.2 Hz at the tone onset to 156.2
Hz at tone offset for the falling contour. Onset and
offset values were selected based on the means of the
tokens produced. Figure 1 shows the f0 trajectories
of the resynthesized stimuli for the token [ta] on the
T1-T2 continuum (left) and for the token [ly] the T1T4 continuum (right).
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This method created continua varying solely in
pitch. However, it has been shown that secondary
cues such as duration and creakiness can also affect
listeners’ perception and categorization of tones [17,
18]. Therefore, we generated another set of stimuli
using TANDEM-STRAIGHT, a speech analysis,
modification and resynthesis framework [8]. This
method allows for the resynthesis to be done from the
entire CV token; in other words, not only was the
pitch manipulated, but the duration and voice quality
were also manipulated proportionally. By including
this set of stimuli, we hoped to tap into listeners’
phonological knowledge of tonal perception, instead
of regarding only a single acoustic cue. Figure 2
shows the f0 trajectories of the resynthesized stimuli
for the token [ta] on the T1-T2 continuum (left) and
for the token [ly] on the T1-T4 continuum (right).
Figure 2: f0 trajectories of tokens synthesized using
TANDEM-STRAIGHT.

2.1.3. Procedure
The 160 resynthesized stimuli (2 tone continua [T1T2, T1-T4] x 4 endpoints [*T-T, T-*T, T-T, *T-*T]
x 10 steps x 2 methods [PSOLA, STRAIGHT]) were
presented in four blocks, using E-Prime [14]. Stimuli
resynthesized using the two different methods and
along different tone continua were put into separate
blocks. The four blocks as well as the trials in them
were randomized. Participants were verbally
instructed and given written instructions on the
monitor to listen to each sound and judge whether
they heard T1 or T2/T4 by pressing the corresponding
key on the keyboard as soon as they were sure.
Participants’ responses and response times (RTs)
were recorded in E-Prime. Six practice trials were

given to familiarize participants with the task. These
trials contained only the endpoint stimuli from the
continua.

Figure 5: Responses to the STRAIGHT-generated
T1-T2 continua with different endpoints.

2.2. Results

2.2.1. Results of tonal categorization
Mixed-effects logistic regression models were first
fitted to the data on the continua where one end was
a word while the other was a gap, using the lme4
package in R [2]. The dependent variable was the
participants’ tonal categorization, with T1 responses
coded as 0 and T2/T4 responses coded as 1. The
models included Endpoint (e.g., T1-*T4, *T1-T4)
and Step (1 to 10, normalized), and an interaction
term for Endpoint and Step. The models also included
random intercepts and slopes for Participant and
Token. We ran separate models for each of the
methods (PSOLA and STRAIGHT) and tone
continuum (T1-T2 and T1-T4). The results showed
that when presented with stimuli along the T1-T4
continua resynthesized using SRAIGHT, listeners’
responses were significantly biased towards the nongap endpoints as indicated by the effect of different
Endpoints (p=.002) (Figure 3). Nevertheless, the
same bias was not observed in the PSOLA-generated
stimuli, as indicated by the non-significant effect of
Endpoint (p=.272) (Figure 4).
Figure 3: Responses to the STRAIGHT-generated
T1-T4 continua with different endpoints

Figure 6: Responses to the PSOLA-generated T1T2 continua with different endpoints.

Finally, recall that continua with both ends being
words or gaps were also included in the stimuli to
serve as the baseline. The word-word continuum and
gap-gap continuum were not expected to show any
bias; however, Figure 7 and 8 show that they actually
behaved quite differently. We attribute this to a
possible frequency effect which will be discussed in
more detail in Section 3.
Figure 7: Responses to continua with both ends
being words.

Figure 8: Responses to continua with both ends
being gaps.

Figure 4: Responses to the PSOLA-generated T1T4 continua with different endpoint

For the STRAIGHT-generated T1-T2 continua,
there was a marginal effect of Endpoint (p=.06),
suggesting that the listeners’ responses were slightly
biased towards the non-gap endpoints (Figure 5).
Continua resynthesized using PSOLA, again, did not
show this pattern (p= .919) (Figure 6) (but also see
the findings in [5]).
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2.2.2. Results of response time
Figures 9 (T1-T2) and 10 (T1-T4) show the RTs
to the stimuli on the tone continua created by the two
methods, STRAIGHT (a) and PSOLA (b). We
observed two tendencies. First, the RTs peaked at
different steps along the continua, with earlier peaks

for the *T-T continua and later for the T-*T continua.
In addition, although listeners successfully identified
the gap word, they generally spent more time in
making the decisions. This tendency was also evident
in the PSOLA-generated stimuli, in which no bias
was found in the identification results. The RT results
were taken to suggest that listeners’ perceptual
categorization was biased by accidental gaps.
Figure 9: RTs of the identification of T1-T2
continua.

Figure 10: RTs of the identification of T1-T4
continua.

3. DISCUSSION AND CONCLUSION
The results of the identification task showed that
Mandarin listeners’ tonal categorization was, to some
extent, biased by their knowledge of accidental gaps.
However, differences between the two tone continua
and between the different synthesis methods were
evident. The possible sources of these observed
differences are discussed below.
First, although our intent was not to compare the
two synthesis methods, the results for the two sets of
stimuli clearly diverged: the effect of Endpoint was
more pronounced when participants were presented
with the STRAIGHT-generated stimuli rather than
PSOLA-generated ones. We attribute this to the fact
that PSOLA only manipulates pitch information,
which may have guided participants to attend more to
pure phonetic cues. In contrast, the STRAIGHT
resynthesis process proportionally manipulated other
acoustic features which have been shown to be
important secondary cues for tonal perception [7, 10,
11, 17, 18]. Therefore, the STRAIGHT-generated
stimuli likely tapped into phonological processing.
The results indicated that tonal categorization
reflected the listeners’ knowledge of accidental gaps,
but only when other phonetic cues besides pitch were
available.
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Another important observation was that the effect
of Endpoint was less conspicuous in the T1-T2
continua: only a marginal effect was found for
STRAIGHT-generated stimuli, whereas no Endpoint
effect was found for PSOLA-generated stimuli. This
may be a reflection of T2 ([X35]) having a smaller
pitch span than T4 ([X51]), which was taken into
consideration when creating the PSOLA stimuli.
When presented with a stimulus along the T1-T2
continua, participants may have identified it as T2 as
long as it had a slightly rising contour. With a greater
span, there was more room for ambiguity along the
T1-T4 continua. In addition, T4 offsets may exhibit
creaky phonotation [9], and T4 syllables are
significantly shorter than the other tones [17], which
were available as extra information for tonal
processing.
Finally, recall that continua with both ends being
words or gaps, which were supposed to serve as
baselines, actually showed some bias. In the wordword condition (Figure 7), tokens on the T1-T4
continua had relatively earlier perceptual boundaries
than those on the T1-T2 continua. We attribute this to
a possible frequency effect. For the T1-T4 continuum
where both ends were words, the token frequency was
unbalanced (146 vs. 3375). In contrast, token
frequencies were relatively balanced for the T1-T2
continuum (146 vs. 157). That is, there was a bias
toward T4, a higher-frequency word compared to T1
on the continuum. The earlier boundary for the tokens
on the T1-T4 continua lends further support to
previous findings that speakers’ word judgement may
be biased by word frequency [13, 16].
We would, then, expect no bias in the gap-gap
condition in that syllables that are gaps contain no
frequency. However, the results were in fact biased
towards T4 (Figure 8). We attributed this to a tone
frequency effect, as T4 generally occurs more
frequently than T1 (228182 vs. 105168) [15].
To summarize, the findings in the present study
showed that Mandarin listeners’ responses, though
heavily guided by syllable and tone frequencies, were
biased by accidental gaps, but only when all acoustic
cues were considered. The results suggest that
listeners’ perceptual categorization is sensitive to
segmental as well as suprasegmental (tonal)
information.
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ABSTRACT
Mandarin tones are “prescriptively” distinguished by
four pitch (F0) patterns. Speakers may not always
produce these distinctions clearly, however, resulting
in perceptual confusability. We investigate Tone 3
(T3, dipping) vs. Tone 4 (T4, falling), which share an
initial falling contour, with monosyllabic words
extracted from a large corpus of connected speech.
Mandarin listeners (N=17) hear the words, and select
one of four characters representing words differing
only in tone. We observe considerable confusion, but
a higher overall accuracy for T4. A d’ analysis
confirms a T4 bias, and yields more similar confusion
rates for both tones without the bias. The T3 and T4
confusability patterns are additionally compared to
those involving other tone combinations, found to be
less readily confused. Acoustic measurements of the
same corpus suggest that the main source of
confusability is the relatively smaller role of F0 in the
T3 vs. T4 distinction (similar initial fall), compared
with other distinctions.
Keywords: Mandarin, tones, tone perception, tone
production.
1. INTRODUCTION
Mandarin Chinese is described as having four
contrastive tones, differing in their pitch properties:
Tone 1 (T1=high), Tone 2 (T2=rising), Tone 3
(T3=dipping), Tone 4 (T4=falling). These are,
however, prescriptive characterizations of the tones,
and in more natural connected speech, it has been
observed both that the tones are not always fully
articulated [11, 13, 14], and that they may be
perceptually confused [8, 9, 15, 16].
Previous studies typically base their descriptions
of the tones when said in isolation [3, 10], or in single
syllable words [4, 6, 7]. Additional properties may
also affect the tones if words are produced in a list, at
the end of a carrier sentence, or in a position in which
they are also focused. Moreover, tone perception
studies do not necessarily test the same types of items
used in production studies, so it is not possible to
directly compare the perceptual distinguishability of
the tones and their production properties.
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In this study, we investigate the perceptibility of
the Mandarin tones, focusing primarily on T3 and T4,
both of which include an initial falling contour. In
connected speech, moreover, the second (rising) part
of T3 tends to be reduced or eliminated before other
tones (except another T3, where tone sandhi occurs),
increasing its similarity to T4, and its perceptual
confusability [5, 7]. Specifically, we present auditory
stimuli consisting of monosyllabic words, drawn
from a large corpus with connected speech, to
listeners whose task it was to select one of four
characters, corresponding to the word with its correct
tone. The perceptual patterns for T3 and T4 are
compared with those of T1 and T2, which are
expected not to exhibit much confusability. Since our
initial results revealed a potential bias favoring T4,
we also present follow-up d’ analyses that abstract
away from the bias. Finally, we briefly discuss the
acoustic properties of the corpus from which our
stimuli are extracted, to further assess the relationship
between the perception and production of the tones.
2. PRESENT STUDY
In connected speech, Mandarin Tones 3 and 4 may
exhibit fairly similar (falling) contours, in particular
when the final rise of T3 is reduced or absent. We may
thus expect words with these tones to be relatively
easy to confuse. By contrast, we expect other tone
pairs, with more distinct contours, to be less subject
to confusion. We thus test the following hypotheses:
(1) Hypothesis 1: Tone 3 and Tone 4 exhibit
perceptual errors, where each tone is perceived as
the other tone.
(2) Hypothesis 2: The rate of confusion between T3
and T4 is greater than that of the other tone pairs.
Although the focus here is on the perception of
T3 vs. T4, to understand the characteristics of these
tones that may lead to their confusion, we also briefly
consider the acoustic properties of the stimuli, as
independently determined for the corpus from which
they were drawn [1]. Specifically, we discuss pitch
(F0) and the phonation property HNR (Harmonic-toNoise Ratio), the two measurements that found in [1]
to be the main distinguishing properties for Mandarin
Tones 3 and 4.

3.1. Procedure

Seventeen native Mandarin speakers (11 females,
ages 18-34), participated in a four-way forced choice
perception experiment presented on a computer with
e-prime software. The participants heard two
repetitions of each target monosyllabic (CV) word,
and selected one of four characters corresponding to
the same syllable but with different tones. For
example, for the auditory stimulus /ma/ with T3, the
participants had to choose one of the following: T1 妈
‘mother’, T2 麻 ‘hemp’, T3 马 ‘horse’, T4 骂 ‘scold’.
They indicated their responses on a response box with
keys matching the positions of the characters on the
screen, randomly displayed. Each participant heard
half of the full set of stimuli (cf. Section 2.3), so the
experimental session took approximately one hour.
3.2. Stimuli

The stimuli used in the perception experiment were
monosyllabic CV words extracted from a large corpus
originally collected for acoustic analysis [1]. This
corpus, recorded in Beijing, consists of recordings of
ten university-educated Mandarin speakers (4
females; mean age 22 years) producing real threesyllable (compound) words embedded in short
dialogues, priming a reading with focus either on the
target word or not (i.e., on a following word), for a
total of 432 targets per speaker. The CV targets were
flanked by syllables selected to minimize potential
effects of tonal coarticulation; sequences of T3 were
excluded to avoid tone sandhi.
For the present perception study, 36 target CV
words, 12 of each of the vowels /i, u, a/ bearing T3
(e.g., 马 /mǎ/ ‘horse’), and 36 similar CV words
bearing T4 (e.g., 骂 /mà/ ‘scold’) were extracted from
8 of the speakers in the corpus (4 females). In
addition, 36 similar CV distractors were extracted: 18
with T1 (e.g., 妈 /mā/ ‘mother’) and 18 with T2 (e.g.,
麻 /má/ ‘hemp’). The words were drawn equally from
the three syllable positions of the tri-syllabic words
and from the two dialogues (i.e., with and without
focus) in the production corpus.
The items extracted from each voice (speaker) in
the corpus constituted a separate block (N = 8) in the
perception study. Each participant heard half of the
blocks (2 female and 2 male voices), randomly
distributed. Since pitch is a relative property, before
beginning each block, the participants listened to two
dialogues produced by the speaker, with items not
used in actual experiment.
3.3. Analyses

2028

We first analyzed the responses for the rate of
correct selection of the character corresponding to the
auditory stimulus, and the distribution of errors. Since
it appeared that there was a bias in the responses, we
also conducted d’ analyses for sensitivity. The
acoustic analysis of the stimuli provided below is
from the original production study.
4. RESULTS
4.1. Perception of Tones 3 and 4: correct responses

To address the initial question of whether
Mandarin speakers consistently perceive Tones 3 and
4 when they are produced in connected speech, we
first determined the percentage of correct responses.
For comparison, we also examined the responses to
the distractors, T1 and T2, which were expected to
exhibit minimal perceptual confusion, although, as
noted, they appeared in half as many stimuli as T3 and
T4. The results for all four tones are shown in Figure
1. A generalized linear model analysis suggested a
main effect of Tone on the rate of correct responses
(p < .001). Pairwise t-tests with Bonferroni correction
revealed that the rate for T4 is significantly higher
than for T3 (p < .001). Comparison with T1 and T2
shows that both have higher correct rates than T3 and
T4 (p < .01). As the figure suggests, T4’s rate is closer
to that of T1 and T2, than T3. From this analysis, it
appears that while both T3 and T4 exhibit perceptual
confusion, perceiving T3 in connected speech,
without context, is especially difficult.
Figure 1. Overall correct responses for each tone.
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72%

80%

% Correct

3. METHODOLOGY
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Tone 2
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40%
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To gain further insight into the response patterns,
we also examined the distribution of incorrect
responses. As Figure 2 shows, there is a bias in favor
of T4 over T3. That is, when T3 is not perceived
correctly, the vast majority of errors (35%) involve
selection of T4. By contrast, T4 is only mistakenly
perceived as T3 8% of the time. The responses for T1
and T2 are again provided for a baseline comparison,
and again we see that T4 appears to be more similar
to these tones, with no clear preference for another
tone selection, than to T3.

rates for T3 and T4 are equivalent, and appear much
lower than the sensitivity rates for T1 and T2.

% Tone Response per Stimulus
Tone

Figure 2. Distribution of Responses for each
Stimulus Tone.
100%
80%
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5.1. Perceptual Confusion of Tone 3 and Tone 4
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The fact that T4 is selected correctly 72% of the time,
while T3 is also (incorrectly) identified as T4 35% of
the time, however, suggests that there is a general
preference for T4, and avoidance of T3 selection.
4.2. Sensitivity to Tones 3 and 4: d’ Scores

Given the apparent presence of a bias in the data, we
tested the participants’ sensitivity to the tones using
d’ analyses, which take the bias into consideration.
Figure 3 presents the d’ values for T3 and T4, as well
as those for T1 and T2 for comparison.
Figure 3. Mean d’ Scores for each tone.
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3
2.5
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1.5

1.54

1.49

Tone 3

Tone 4

2.27

2.35
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0.5
0

Pairwise t-tests between all pairs of tones with
Bonferroni correction show that the sensitivity rates
for T3 and T4 are not statistically different, nor are
the rates for T1 and T2. The sensitivity rates for T3
and T4, however, are both significantly different from
the rates for both T1 and T2 (p < .001).
This pattern is fundamentally different from that
seen previously, where we considered the rate of
correct responses, as well as the distribution of
perceptual errors. That is, since the T4 bias was not
addressed in those analyses, and T4 appeared to be
more clearly perceived than T3, almost as well as T1
and T2. Only T3 exhibited considerable perceptual
confusion. When the bias is incorporated into the
analysis of the responses, however, the sensitivity
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Returning to our hypotheses, we see that to some
extent our determination of their confirmation rests
on whether we are considering the accuracy of T3 and
T4 selection, or sensitivity to the tones, as determined
by a d’ analysis.
In terms of accuracy, we find partial support for
Hypothesis 1. That is, when considering the correct
response rate, we do find perceptual errors between
T3 and T4, but they are not reciprocal. Instead, they
are primarily due to T3 being incorrectly perceived as
T4 (i.e., 35%, compared to 49% correct T3
perception); T4 is incorrectly perceived as T3 only
8% of the time.
In general terms, Hypothesis 2 is confirmed when
the accuracy rates of T3 and T4 perception are
compared with those of the distractors, T1 and T2,
considered here as a baseline for what the perceptual
pattern looks like when confusion is not expected.
That is, overall, the confusion between T3 and T4 is
greater than the confusion between T1 and T2. Closer
examination of the errors, however, reveals that they
are not evenly distributed. T1 and T2 both show
minimal errors in which one tone is selected in place
of the other (intended) tone: T2 incorrectly selected
for T1 = 7%; T1 incorrectly selected for T2 = 10%.
Similarly, as noted, T3 was incorrectly selected for
T4 8% of the time, but T4 was incorrectly selected for
T3 35% of the time.
Given the appearance of a bias, with T3 frequently
being perceived as T4, but not vice versa, it was
necessary to conduct a follow-up analysis using d’,
which takes into consideration correct and incorrect
“hits” and “misses” in selection of each of the tones.
When we evaluate our hypotheses in relation the d’
sensitivity results, we arrive at a somewhat different
view of the tone perception patterns. With regard to
Hypothesis 1, we again see that there is considerable
confusion associated with T3 and T4, but this time it
is at essentially the same rate. That is, when the bias
for T4 selection is excluded, the listeners’ sensitivity
to both tones is quite weak (around 1.5). By contrast,
the sensitivity for both T1 and T2 is similarly strong
(around 2.3). On this view, Hypothesis 2 is now
confirmed, since we see considerable confusion
between T3 and T4, but minimal confusion between
T1 and T2.
5.2. Relation to Acoustic Properties

Since perceptual confusion indicates that the items in
question, in this case, T3 and T4, are not clearly

Table 1. Binary Logistic Regression Analyses:
pairs of tones.
Tones

Overall

T3 vs T4

85%

T1 vs T2

92%

Figure 4. Normalized F0 for each tone
F0 by tone
Z scores (F0)

1
Tone 1
Tone 2
Tone 3
Tone 4

0

-1

Figure 5. Normalized HNR for each tone
HNR by tone
1
Z scores (HNR)

distinguished in their production, the question that
arises is what the acoustic properties of the stimuli are
that might be responsible for their confusability.
Since the stimuli for the present study were drawn
from a corpus collected for an investigation of the
production of the Mandarin tones, we now consider
our perception findings in relation to the basic
acoustic patterns revealed in production study [1].
In the acoustic analysis of the tones in the
Mandarin corpus, measurements were made for
several F0 properties (F0 = mean, Δall = change
beginning to end, Δbeg = change in first half, Δend =
change in second half), as well as for duration,
energy, vowel centralization, and several phonation
properties (HNR = harmonic-to-noise ratio, CPP =
cepstral peak prominence, H1-H2). Binary Logistic
Regression Analyses (BLRAs) were first used to
identify which acoustic properties contributed
significantly to the overall (i.e., with all of the
measurements included) classification, or distinction,
between the different tone pairs. Follow-up BLRAs
were conducted with each of the properties found to
be significant in the overall classification, using this
property as the sole classifier, to indicate how strong
a cue it is (by itself) for the distinction between a
given tone pair. Table 1 provides the overall
classification rate for T3 vs. T4, as well as for the
“baseline” comparison of the classification rate for T1
and T2. In addition, the classification rates are
provided for the three properties that yielded the most
successful classifications (> 70%) on their own.

0

-1
Tone 1

Tone 2

Tone 3

Tone 4

The patterns of the tones’ acoustic properties show
that even though F0 height and creaky phonation may
serve as cues in the perception of T3 and T4, the
similarity of their F0 contours nevertheless leads to
confusability. This suggests that the F0 contour is a
more important cue in the perception of tones in
Mandarin than F0 height and phonation.
6. CONCLUSIONS

Individual Properties
F0:79.5%, HNR:73%,
Enr:71.6%
F0:89%, HNR:73%,
Δend:72.8%

The overall T3 vs. T4 classification rate is
somewhat weaker than that of T1 vs. T2 rate,
although it is moderately strong. The strongest
individual classifier for T3 vs. T4 is F0 (79.5%), but
it is closely followed by a phonation property, HNR
(73%). Neither is very strong on its own, while in the
case of T1 vs. T2, F0 accounts for most of the
distinction on its own (89%); the next property, HNR,
only accounts for 73%. Additional detail regarding F0
and HNR, the two main properties in both tone
contrasts, is provided by Figures 4 and 5.
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Our examination of the perception of Mandarin Tone
3 vs. Tone 4 in words drawn from connected speech
shows considerable confusion, indicating that their
acoustic properties are less distinct than their
prescriptive descriptions, based primarily on words
produced in isolation. When accuracy was
considered, it appeared that T3 fared much better than
T4; however, when a T4 bias was removed in a
follow-up d’ analysis, sensitivity to both T3 and T4
was quite low. By comparison, the T1 vs. T2
distinction was robust, even with our stimuli drawn
from connected speech. Examination of the acoustic
patterns observed in the corpus from which the
perception stimuli were extracted [1], demonstrated,
moreover, that the weaker T3 / T4 distinction may be
largely attributed to their rather similar F0 contours.
At the same time, however, their overall distinction
may be somewhat enhanced by the CP found with T3,
which combined with F0 (and Enr) in the BLRAs
brought the distinction to 85%.
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ABSTRACT
A corpus study investigating the distribution of
accidental gaps (i.e., syllable-tone combinations that
could but do not exist) in Mandarin showed that T2
(rising) and T3 (falling-rising) gaps were overrepresented, whereas T1 (high level) and T4 (falling)
gaps were under-represented. Since the realization of
T2/T3 intrinsic contours requires a longer duration,
we hypothesized that T2/T3 might be more
acceptable in longer durations and complex rhymes.
A wordlikeness rating experiment was conducted in
which gaps as well as real words in different syllable
structures (open vs. closed) were manipulated into
two durations (300 and 500 ms). The results revealed
that Mandarin listeners accepted T1/T4 gaps more
readily than T2/T3 gaps, regardless of duration and
rhyme structure. The wordlikeness ratings of gaps
were positively correlated with syllable frequencies,
a pattern also found for real words. These findings
were attributed to the marked status of T2/T3 and to
syllable frequency.
Keywords: accidental gaps, frequency, Mandarin,
tonotactics
1. INTRODUCTION
Mandarin is a tone language with four phonemic
tones (i.e., high-level Tone 1 [X55], rising Tone 2
[X35], falling-rising Tone 3 [X214], and falling Tone 4
[X51]). The maximum syllable structure is
(C)(G)V(G)/(C) (c.f., [6]). However, not all syllables
are combined with each of the tones. For example,
there are words combining the syllable [tsʰu] with T1
([tsʰu]55 “coarse”), T2 ([tsʰu]35 “die” in Old Chinese),
and T4 ([tsʰu]51 “vinegar”), but not with T3. The
syllable-tone combination [tsʰu]214 does not violate
any obvious phonotactic constraints in Mandarin, yet
it fails to exist—this is an example of a “ accidental
gap” [3, 5]. Wang [11] further identified three types
of gaps, including tonotactic accidental gaps (the type
of gaps mentioned earlier), phonotactic accidental
gaps (phonotactically legal syllables but fail to exist),
and systematic gaps (phonotactically illegal
syllables). In a wordlikeness rating task, Wang
elicited wordlikeness judgments from native
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Mandarin speakers judged tonotactic accidental gap
syllables to be more wordlike, followed by
phonotactic accidental gap then systematic gap
syllables. Myers & Tsay [8] conducted a similar
study on Mandarin words and non-words and found
three factors that influence wordlikeness judgments:
frequency, phonotactics, and neighborhood density.
They pointed out that frequency and neighborhood
density are only relevant in the judgement of real
words, while phonotactics affects both words and
non-words.
In order to gain a better understanding of
Mandarin tonotactic accidental gaps, we conducted a
corpus study and found that T2 and T3 gaps were
over-represented among all allowable syllables.
Based on this finding and a general typological
preference for contour tones with complex/longer
rhymes, we hypothesized that, in a wordlikeness
rating task, T2/T3 gaps might be judged as more
acceptable in syllables with longer durations and
complex rhymes. Furthermore, previous findings [5,
7] suggesting that frequency affects Mandarin
speakers’ judgments of real words led us to examine
whether syllable frequency (regardless of tone) would
also affect the word judgments of tone-syllable
combinations with zero frequency. A wordlikeness
rating experiment was conducted to test these
hypotheses.
2. CORPUS STUDY
We first investigated the distribution of the accidental
gaps among the 388 allowable Mandarin syllables
(taken from Appendix B in [6]). We implemented two
definitions of accidental gaps: (1) syllable-tone
combinations that do not form a word (“broad view”),
and (2) syllable-tone combinations that do form
words but have zero-frequency in the Sinica Chinese
Spoken Syllable Structure List [10] (“narrow view”).
For example, the syllable [tsʰu] in T2 ([tsʰu]35 “die”
in Old Chinese), historically exists as a word but is
not on the list. As such, this word might be considered
a gap by native Mandarin speakers because it is rarely
used in spoken Mandarin. This word was thus
counted as a gap in the narrow view but not in the
broad view.
The results showed that accidental gaps were not
evenly distributed across the four tones, as shown in

Figure 1. In the broad view, a one-way chi-square test
showed that T2 gaps were over-represented while T4
gaps were under-represented (χ2(3)= 78.25, p<.001).
Another one-way chi-square test revealed that both
T2 and T3 gaps were over-represented in the narrow
view (χ2(3)= 27.19, p<.001).

To investigate whether duration, rhyme structures,
and frequency, a factor that was shown to affect
Mandarin speakers’ judgments of real words,
influence native Mandarin speakers’ word judgments
of accidental gaps, we conducted a wordlikeness
judgement experiment.

Figure 1: Mandarin accidental gaps in broad and
narrow views.

3. EXPERIMENT
3.1. Methodology

3.1.1. Participants
We recruited 22 Taiwan Mandarin native speakers
(7M, 15F; age 20-37, M=22.05) from National Chiao
Tung University. None of the participants reported
hearing or speaking deficiencies. All participants
were compensated monetarily for their time.
3.1.2. Materials

The asymmetrical distribution of accidental gaps
may be attributed to shǎng sheng rù píng, a historical
tone merging process in which a number of shǎng
tones (i.e., T3) merged into píng tones (T4) in Middle
Chinese [7]. Secondly, the large percentage of T2 and
T3 gaps could be attributed to the markedness of
rising and complex contour tones (i.e., T2 and T3) in
comparison with level tones and falling tones (i.e., T1
and T4).
We further divided syllables into different types
(CV, CGV, CVN, CGVN) to examine if there were
fewer T2/T3 gaps in closed syllables which have
intrinsically longer durations than open syllables.
However, we did not observe any tendencies in this
direction, as demonstrated in Figure 2. Instead, the
same trend was observed across the different syllable
types. For each tone group, there were generally more
gaps with CV and CVN structures than with the other
syllable types.
Figure 2: Mandarin accidental gaps across different
syllable types

To examine whether T2/T3 gaps would be judged as
more wordlike in complex rhymes, 96 Mandarin
accidental gaps were selected with the four Mandarin
tones and were counter-balanced across different
syllable types (open: CV, CGV; closed: CVN,
CGVN). Another 48 Mandarin real words fulfilling
the same criteria were selected as filler items. The list
of 144 stimuli were produced by a male native
Mandarin speaker. To investigate whether the T2/T3
gaps would be judged as more wordlike in longer
durations, the stimuli were resynthesized into two
durations (300 ms and 500 ms) using the Pitch
Synchronous Overlap and Add (PSOLA) algorithm in
Praat [2].
3.1.3. Procedure
The 288 resynthesized stimuli (144 x 2 durations)
were randomized for each participant and presented
in three blocks using E-Prime [9]. The participants
were instructed to rate each word on a 7-point scale,
with 7 being the most Mandarin-like, and 1 being the
least Mandarin-like.
Nine practice trials were presented before the
experiment to familiarize participants with the task.
The experiment was conducted in a sound-attenuated
booth using AKG K240 headphones. The total
duration of the experiment was around 15 minutes.
3.2. Results

To interpret the results, linear mixed-effects
regression models were fitted in R using the lme4
package [1]. Models were fitted with the participants’
wordlikeness ratings on the 7-point scale converted
into z-scores as the dependent variable. Tone (T1, T2,
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T3, T4), Duration (300 ms, 500 ms), and Syllable
Type (CV, CGV, CVN, CGVN) were taken as the
fixed effects. Participant and Token were taken as the
random effects. The full model included the
interaction terms for Tone, Duration, and Syllable
Type and the intercepts for the random effects. The
main effects were obtained by comparing the full
model with a simpler model without the target
variable. Interactions were obtained similarly by
comparing models with and without the interaction
term. The results showed a main effect of Tone
(p<.001). Post-hoc tests were conducted by changing
the baselines, and the results showed that T3 and T2
stimuli were rated as less Mandarin-like compared
with T1 and T4 stimuli (all p<.001), as shown in
Figure 4.

Data were also analyzed to see if there was a
frequency effect. First, we determined how many
tone-syllable combinations were possible for each
syllable. If a syllable could combine with all but one
tone, it was counted as “1”, all but two tones, “2”, and
so on. Following this logic, with only one gap in a
certain syllable, “1” would be considered more
“frequent” while “3”, with three gaps, would be
considered less “frequent”. Note that there is no “4”
because in this case all tone-syllable combinations
would be illegal. The results (Figure 6) showed a
significant difference across syllables with different
numbers of tonal gaps (p<.001), indicating that when
a gap occurs in a syllable involves more tonotactic
gaps, it is considered to be less wordlike.
Figure 6: Syllables with different numbers of
accidental gaps

Figure 4: Wordlikeness ratings for accidental gaps
by tones

Duration was also shown to have an effect
(p<.001). Specifically, syllables with shorter
durations (300 ms) were overall rated as more
Mandarin-like than those with longer durations (500
ms) (p<.001). The Duration effect was only found on
accidental gaps but not on real words. These results
are illustrated in Figure 5. Syllable Type, on the other
hand, did not appear to have a significant effect.
Figure 5: Wordlikeness ratings for real words and
accidental gaps (with different scale) by Tone and
Duration
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Second, we calculated the overall frequency of
each syllable regardless of tone. Based on these
frequencies, we found significant positive
correlations between the total syllable frequency and
the wordlikeness ratings of both real words and gaps.
(both p< .0001), as shown in Figure 7.
Figure 7: Correlation between wordlikeness ratings
and syllable frequency for words and accidental
gaps

4. GENERAL DISCUSSION
A corpus study investigating the distribution of
accidental gaps in Mandarin showed a
disproportionally large number of T2 (rising) and T3
(falling-rising) gaps compared with T1 (high level)
and T4 (falling) gaps. We hypothesized that T2/T3
gaps might be judged as more wordlike by native
Mandarin speakers in longer durations and complex
rhymes based on a typological preference for contour
tones with complex/longer rhymes. Also, we
predicted that accidental gaps would be more
acceptable when in syllables with greater frequency.
The results of the wordlikeness rating experiment
showed Tone, Duration, and Frequency effects on the
speakers’ word judgments of accidental gaps.
Although Syllable Type interacted with Tone and
Duration, it did not pattern with typological
preferences nor did it present a pattern that could be
generalized.
Regarding the effect of Tone, T2 and T3 gaps
generally elicited lower wordlikeness ratings than did
T1 and T4 gaps. This correlates with our corpus data
and the universally marked status of rising and
complex contour tones. Another possible factor is that
T2 and T3 alternate in a sandhi process whereby T3
becomes T2 before another T3. The confusability
between the two tones may have also attributed to the
low wordlikeness ratings of T2 and T3 [4].
The Duration effect indicated that gap words with
shorter durations were significantly more acceptable
than those with longer durations, regardless of tone.
The same effect, however, was not found on real
words. This suggests that Mandarin listeners were
more reluctant to accept accidental gaps with longer
durations across the board, presumably due to clearer
audibility.
Finally, contrary to [8], we found a positive
correlation between wordlikeness ratings and the
frequency of the syllables hosting the accidental gaps.
That is, when a gap occurs in a more frequent
syllable, it is more likely to be accepted as a
Mandarin-like word. This may be due to the fact that
the “non-words” in [8] include phonotactically legal
accidental gaps [11] as well as illegal non-words.
Unlike phonotactic gaps which are illegal syllables
and thus have zero syllable frequency, tonotactic
accidental gaps could still have frequency effects
from the syllable in which they occur. Our results
suggest that Mandarin speakers can access the
syllable frequency in judging accidental gaps.
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Ngkolmpu which is the variety traditionally spoken
in and around Yanggandur. The other variety, Baedi
Ngkolmpu, which was spoken in the coastal village
of Onggaya is no longer a spoken language. However, there are still six elderly individuals who remember the language but no longer use it as a language of communication. Ngkontar Ngkolmpu is
spoken by around 150 people, all over the age of
30 who use it as a day-to-day means of communication alongside the local variety of Indonesian.
Children are no longer learning the language and as
such it should be classified as endangered. All data
in this paper was taken from speakers of Ngkontar
Ngkolmpu who have lived in Yanggandur their entire lives.
A map showing the location of the language family is shown in Figure 1. Ngkolmpu is the westernmost language of the family and belongs to the
Tonda-Kanum branch. The family is one of the primary languages families of New Guinea and is not
considered related to any other language family in
New Guinea or elsewhere [4]. As with other aspects of their grammar, the Yam languages display
rather unusual phonetic and phonological characteristics compared to the broader New Guinea region.
Previous phonetic work on languages of the family is
fairly limited, the most significant being Evans and
Miller’s [5] illustration of the IPA article on Nen.

ABSTRACT
Ngkolmpu (Yam, Papuan) has phonetic prenasalised
voiceless stops as phonemic segments. Phonetically,
these are characterised by a period of nasalisation
which ceases before the release of the consonant.
This is followed by a period of clear voicelessness
before the commencement of voicing again in the
following segment. The voice onset time of prenasalised stops is comparable to those of standard
voiceless stops. Phonemically, these are single segments which contrast with voiceless stops at each
place of articulation. We can see from phonotactic
evidence that these are single segments. Segments
of this type are a typological rarity in the worlds languages which is expected given the complexity of
the articulatory gestures required to produce.
Keywords: Papuan languages, Yam languages, prenasalisation, voicing
1. INTRODUCTION
Prenasalised voiceless stops are phonetically complex segments involving a period of nasalisation and
a voiceless stop. More specifically they involve a
voiced nasalised onset which ceases before the release of the stop. Following the release there is a
period of voicelessness before voicing commences
again in the following segment. A more precise phonetic characterisation is presented in Section 2.
These segments are something of a rarity in the
world’s languages attested in just 1.77% of languages in the The UCLA Phonological Segment Inventory Database [10] and 3% of those found in
the World phonotactics database [3]. This, in many
ways, is unsurprising given the complexity of the articulatory gestures in producing these segments.

Figure 1: The Yam Family Languages

1.1. The Ngkolmpu language

Ngkolmpu is language of the Yam family spoken
almost entirely in the village of Yanggandur in the
extreme south-east of the Indonesian province of
Papua. The primary description is [1].
The variety described here is known as Ngkontar
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nasal voicing before the voicing stops. There is a
long unvoiced closure and once the consonant is then
released there is a period of time before the voicing
begins for the following vowel; this period of time is
known the voice onset time (VOT).

1.2. The stop inventory

Ngkolmpu has phonemic stops at three places of articulation: bilabial, alveolar and velar. At each of
these places, there is both a voiceless stop and a prenasalised stop. Additionally, there is a voiced bilabial stop. This system is summarised in Table 1.

In Ngkolmpu, prenasalised voiceless stops occur
at the bilabial, alveolar and velar places of articulation. Spectrograms of examples of each of the three
places of articulation in intervocalic position are provided in Figures 2 to 4. The phonetic characteristics
described in the previous paragraph can be seen in
each of these spectrograms. The relevant segments
are in the middle of each spectrogram and the period of nasalisation, the non-nasalised voicing and
the voiceless closure and release are all clearly visible.

Table 1: Basic stop inventory of Ngkolmpu

Bilabial
p
b
mp

Alveolar
t

Velar
k

nt

ŋk

In some ways this is quite similar to a fairly typical
Papuan system which involves the primary phonemic contrast for stops being between voiceless stops
and prenasalised voiced stops [6] [7]. Phonemically, the major aberration in Ngkolmpu is the presence of a voiced bilabial stop. Phonetically, however, Ngkolmpu is especially remarkable as the prenasalised stops are phonetically voiceless, i.e. they
display a period of voicelessness and a positive voice
onset time comparable to other voiceless consonants
in all phonological environments.

The voiceless character of these stops can be measured in terms of VOT. A sample of 60 tokens of
prenasalised voiceless stops were randomly selected
across three distinct phonemic sites totalling 20 from
each site. Tokens were selected from three positions:
word initial, intervocalic and syllable initial following a consonant. In non-initial position, these were
measured preceding a vowel to ensure the salience
of the VOT. VOT of each token was measured from
the moment of release to the steady voicing of the
following vowel. The mean length of the voice onset time of each of the prenasalised voiceless stops
is summarised in Table 2. All means show a positive VOT of well over 20ms in the word initial and
intervocalic positions. Stops following another consonant have a reduced VOT closer to zero. However, no token displays a negative VOT and as such
are strictly voiceless. We do see that the length of
the VOT is dependent on the place of articulation
with anterior consonants displaying shorter VOT as
is typical cross-linguistically [8, 9].

1.3. Methods

All data in this study is taken from recordings made
in the field using a Rode HS2 headset microphone
connected to a Zoom H4N-pro recorder with a sample rate of 44.1 KHz and a depth of 16 bits. For this
particular study, all tokens were taken from wordlist
data in which the speaker was asked to translate a list
of 398 words from Indonesian. These were all from
a single female speaker in her late 40s. This is presented in milliseconds to one decimal place. Though
the sample size is small, given the endangered nature of the language, the small speech community,
the remoteness and difficultly working in the region
along with the paucity of phonetic studies in Papuan
languages, this study represents a significant contribution.

Table 2: Mean VOT (ms) of prenasalised voiceless stops for a single female speaker over 20 tokens of each environment

/m p/
/n t/
/ŋ k/

2. PHONETIC CHARACTERISTICS OF
PRENASALISED VOICELESS STOPS
Phonetically, prenasalised voiceless stops are a combination of a nasal followed by a voiceless oral stop
at the same place of articulation. As a continuous
segment these involve a full oral occlusion at the
place of articulation with the soft palate lowered and
the velum open for a period of nasal voicing. Before the stop is released the velum rises, stopping
the nasalisation. There is a very short period of non-

#_
22.4
24.6
36.7

V_V
29.3
26.8
34.7

C_V
15.9
17.3
25.9

The same measurement was performed on the
non-prenasalised voiceless stops for the same
speaker selected in the same manner. This is presented in Table 3. We see longer VOTs in the nonprenasalised voiceless stops compared to the prenasalised ones.
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Table 3: Mean VOT (ms) of voiceless stops for a
single speaker (ML) over 20 tokens of each environment

Figure 2: Spectrogram of baempr ‘snake’

/p/
/t/
/k/

1.63722385

Frequency (Hz)

0.526073393
3000

#_
28.7
30.5
45.0

V_V
31.8
37.9
41.4

C_V
18.1
21.2
23.4

The absolute differences are summarised in Table
4 which range from 2ms to 16ms depending on place
of articulation. However, the differences are not significant as shown by the p values.
0
0.5261

Table 4: Mean VOT (ms) of intervocalic stops and
their difference

1.637

b

Time (s)

æ

m

p

ə

r
bilabial
alveolar
velar

Oral
31.8
37.9
41.4

Prenasalised
29.3
26.8
34.7

Diff.
02.5
11.1
06.7

p
0.7825
0.9897
0.8519

Figure 3: Spectrogram of sento ‘bird’
1.04937003

The voiceless characteristic of prenasalised stops
is especially clear when compared to the single
voiced stop. This stop is voiced for its entire duration, i.e. it has a negative VOT. This can be seen
clearly in the spectrogram of the word [tɔbaː] ‘many’
in Figure 5, where there is no break in first formant
across the entire articulation. This can also be seen
in initial position in [bæm pər] ‘snake’ Figure 2.

Frequency (Hz)

0.380391331
3000

0
0.3804

We have established that phonetically these elements involve homorganic place of articulation with
a nasal onset and a voiceless oral closure and release.
The mean VOT of prenasalised stops are comparable
to the oral stops. Both the prenasalised and plain oral
stops have a positive VOT and hence voiceless. In
addition, the length of prenasalised stops was measured compared to standard oral stops and sequences
of nasal plus stop. This was measured for 60 tokens of both prenasalised stops and oral stops; only
20 tokens of sequences were measured as these are
much rarer. We can see in Table 5 that although
prenasalised stops are longer in duration than oral
stops, the difference between them is not significant.
Regardless, we would expect some tendency toward
longer prenasalised stops due to increased complexity of articulation.

1.049

s

ə

Time (s)

n

t

ɔː

Figure 4: Spectrogram of kongko ‘sun’
0.529287721

0
0.04217

0.5293

Frequency (Hz)

0.042173191
3000

k

ɔ

ŋ

Time (s)

k

Table 5: Mean total length (s) of stops vs. sequences

ɔ

Oral
89.6
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Prenasalised
97.4

p
0.248

Sequence
167.2

(2)

Figure 5: Spectrogram of toba ‘many’
0.771219583

Additionally, the phonotactics of Ngkolmpu never
allow three consonants to occur sequentially without a vowel intervening, yet we do find prenasalised
stops occurring in clusters which would otherwise
be impossible if they were sequences. For example
(3) has a velar nasal and stop followed by the alveolar trill. If we assume that these are two segments,
the only time one would find sequences of three segments would involve nasal plus stop clusters which
suggests analysing these as single segments. Additionally, in (3) we see the velar nasal which otherwise is not a phoneme of the language, only occurring as part of the onset of the velar prenasalised stop.
Together these points clearly demonstrate that these
segments are indeed a single phonological segment
rather than sequences.

Frequency (Hz)

0.0695151119
3000

0
0.06952

t

0.7712

ɔ

b

Time (s)

aː

3. SEGMENTAL STATUS OF
PRENASALISED VOICELESS STOPS
The remarkable aspect of these elements is that they
combine both a period of nasal voicing and a period
of voicelessness within a single phonological segment. In the previous section, we established the
phonetic characteristics; in this section these will be
demonstrated to be individual segments and not sequences. Already, we have seen these are shorter
in duration than nasal plus stop sequences. In the
remainder of this section, we will see evidence that
phototactically these must be single segments as they
occur where they would otherwise violate the sonority requirements of consonant clusters in Ngkolmpu.
Consonant clusters within a syllable in Ngkolmpu
are fairly rare; ignoring for now prenasalised stops,
clusters only occur syllable initially or word finally
and always involve increasing sonority closer to the
nucleus. The presence of word initial prenasalised
stops would violate this otherwise consistent constraint in the phonology of Ngkolmpu. Indeed, when
such sequences would arise from morphological operations these are always separated by an epenthetic
schwa. Consider (1) in which the verb stem /tinpitr/
‘cover’ is prefixed with the second singular default
object prefix /n-/ which is obligatorily realised with
a schwa separating the nasal and the oral stop as represented in the phonetic realisation. However, words
commencing with a prenasalised stop are common;
consider (2) in which the verb stem hang /iritr/ is
prefixed the second singular object hortative marker
/n t-/ in which the nasal and stop are never separated
by epenthesis.
(1)

/n t-iritr/ →
[n ti.ri.tə̆r]
2 .O:
-hang

(3)

[ŋ krɛ.mun] ‘sago w. meat’

Finally, phonotactic evidence supports the analysis
of these segments as prenasalised stops as opposed
to post-stopped nasals as has been proposed for some
languages1 [11, 2]. The conceptual distinction here
is whether the segment is underlying a plosive or a
nasal. In this case, these are treated as plosives by the
phonotactics and participate in onset clusters (3) unlike the basic nasals which do not (4). Hence, these
are phonologically plosives rather than nasals.
(4)

/n-rar/ →
2 .O-copula.

[nə̆.rar]

4. DISCUSSION
This paper has shown that Ngkolmpu has single
phonological segments that phonetically display a
nasalised onset followed by a voiceless closure and
release. Phonetically, the voiceless characteristic
of these segments is comparable with the standard
voiceless oral stops in the language. Additionally, it
is clear that these must be single segments as they
display a range of distributions that would otherwise
be impossible if they were sequences. Prenasalised
voiceless segments are a rarity in the World’s languages with the largest estimates at 3% [3] and this
study represents one of the few concentrated phonetic and phonological treatments of prenasalised
voiceless stops adding to the typology of this rare
phenomenon with data from an area largely overlooked in the phonetic literature.

/n-tinpitr/ → [nə̆.ti.nə̆.pi.tə̆r]
2 .O-cover
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ABSTRACT
Exemplar Theory hypothesizes that a production
target is formed by choosing a target exemplar and
averaging the phonetic value of the exemplar with
those of the surrounding exemplars (Pierrehumbert
[1]; Wedel [2]). The aim of this study is to seek
acoustic evidence for exemplar-averaging of phonetically distinct variants by exploring New Zealand
English (NZE) loanword phonology. The /r/ sounds
in loanwords from te reo Māori may be realized as
non-native rhotic sounds [ɾ] or native rhotic sounds
[ɹ] in NZE. This study demonstrates that the acoustic
characteristics of a speaker's pronunciation of [ɹ]
correlate with the number of approximants versus
taps she produced. This could be captured by positing that exemplars with [ɹ] are likely to be averaged
with those with [ɾ] when they are less predictable
given a speaker, with the result that the acoustic
property of [ɹ] (i.e., lower F3) becomes less clear.

variety of formant values in the early stage of the
acquisition, but the learner may come to be able to
produce the vowel with more fixed formant values.
Figure 1 simulates how this averaging mechanism
could make a particular category sharper. Imagine
that a phonetic category (e.g., [ʊ]) is represented by
1,000 exemplars with particular formant values in the
initial stage (red), and a production target is formed
by choosing 10 exemplars in a random way and
averaging the formant values. After this category is
produced 100 times (i.e., 100 production targets) and
they are stored as new exemplars, the distribution
becomes a little bit narrower (green). After 1,000
productions, the distribution becomes much narrower
(blue). In this way, the exemplar-averaging
mechanism allows us to encapsulate entrenchment.
Figure 1: Simulation of averaging exemplars

Keywords: approximant, averaging, exemplar, F3,
predictability
1. INTRODUCTION
Exemplar theory assumes that a speaker represents
exemplars with detailed phonetic information (e.g.,
formant value and duration) as well as categories (e.g.,
lexical category and phonological category), the
result of which is that a large cloud of memories is
formed in the cognitive system. It is posited that a
speaker begins speech production by activating a
category they want to produce, and chooses
exemplars associated with the category, based on
which the speaker forms a production target.
Pierrehumbert [1] notes that “a target location in
the exemplar cloud is selected at random, and the
exemplars in the neighborhood of this location all
contribute to the production plan.” That is, it is
hypothesized that a production target is formed by
choosing a target exemplar and averaging the
phonetic value of the exemplar with those of the
surrounding exemplars. This mechanism is called
“averaging.” The mechanism is needed to account for
a phenomenon known as entrenchment (see
Pierrehumbert [1]; Wedel [2]), in which the variance
for a category decreases with usage. For example, a
L2 learner may produce a particular vowel with a
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The aim of this study is to test this hypothesis
regarding “exemplar-averaging,” by exploring a case
where there are two phonetically quite distinct
variants that are in variation within a single
phonological category. Our main research question is
“Are exemplars that are cognitively linked but
phonetically distinct averaged in production?
(Research Question)” This research question is
addressed by exploring the phonetic detail of [ɹ] in
Māori loanwords in NZE, more specifically, the
relationship between the F3 value of adapted [ɹ] and
the predictability of choosing adapted structure given
a loanword and a speaker. Addressing this question
increases our understanding of how linguistic variants
are stored in our mind and processed in production.

2. BACKGROUND AND PREDICTION
This section reviews previous literature related to
the above research question, and puts forward a
specific prediction.
2.1. Realization of /r/ in NZE loanword phonology

The loanword phonology in NZE provides an
interesting test case for the above question. In the
production of a loanword from te reo Māori, the /r/
sounds are sometimes realized as native rhotic sounds
or adapted [ɹ] (e.g. ko[ɹ]u and kuma[ɹ]a), and
sometimes realized as non-native rhotic sounds or
imported [ɾ] (e.g., ko[ɾ]u and kuma[ɾ]a). That is, there
are two variants, [ɾ] and [ɹ], of the variable /r/. My
previous work [3] has demonstrated that the
likelihood of choosing a variant differs in accordance
with loanwords and speakers, i.e., some loanwords
are more likely to be produced with adapted [ɹ], and
some NZE speakers are more likely to produce
adapted [ɹ] in production of a loanword.
Namely, it could be assumed that a phonological
category /r/ is represented by exemplars with two
phonetically distinct sounds (i.e., [ɾ] and [ɹ]) in the
cognitive system of a NZE speaker, and the rate of
exemplars with [ɾ] and [ɹ] differs in accordance with
lexical categories and cognitive systems. Exemplars
with [ɾ] and [ɹ] may be stored in a close distance in
the exemplar space, because they are variants of a
single category. Figure 2 illustrates how loanwords
and phonological categories could be represented in
the cognitive system of a given speaker. In this
hypothetical system, a lexical category “kumara” is
represented by a higher number of exemplars with
adapted [ɹ], with the reverse true for another lexical
category “koru.” As shown in this figure, it is
assumed that an exemplar can simultaneously be
associated with a lexical category and a phonological
category (see Docherty and Foulkes [4]).
Figure 2: Hypothetical exemplar space

2.2. Theoretical hypotheses and prediction

This section reviews a set of hypotheses based on
Exemplar Theory, and aims to deduce a prediction
regarding the formation of a production target for
adapted [ɹ] by averaging exemplars with adapted
structure [ɹ] and those with imported structure [ɾ].
2042

As stated in Section 1, Exemplar Theory posits
that a production target is formed by choosing a target
exemplar and averaging the phonetic value of the
exemplar with those of the surrounding exemplars.
For example, in production of a vowel [ʊ], one
exemplar associated with a category [ʊ] is chosen as
a target exemplar. Then, the formant value of the
exemplar is averaged with the formant values of the
surrounding exemplars, and the production target is
formed. Recall that this mechanism allows us to
account for entrenchment (see Figure 1).
This raises a question: Is it possible to average the
phonetic values of exemplars that are cognitively
linked but phonetically distinct? As explained in the
preceding section, the current thesis posits that
exemplars with imported [ɾ] and adapted [ɹ] are
closely stored in the cognitive system of a NZE
speaker, as they are variants of /r/-sounds in Māori
loanwords. If this is true, when forming a production
target for [ɹ], a target exemplar with [ɹ] may be
averaged with not only surrounding exemplars with
[ɹ] but also those with [ɾ] (Hypothesis 1)2.
We assume that the higher predictability of
adapted structure given a loanword means that there
are higher number of exemplars with [ɹ] stored in
relation to the lexical category, and vice versa; the
higher predictability of adapted structure given a
speaker means that there are higher number of
exemplars with [ɹ] stored throughout the cognitive
system. As long as there are a higher number of
exemplars with [ɹ] stored, a target exemplar with [ɹ]
may be more likely to be averaged with surrounding
exemplars with [ɹ] (Hypothesis 2).
We crucially hypothesize that exemplars
representing [ɹ] are stored with a lower F3 value,
because approximants are known to have lower F3 in
comparison with other sounds (Lindau [5]);
exemplars representing [ɾ] are stored with null F3
values, because they consist of simply closure and
release phases without inherent formant structure.
Hence, a production target for [ɹ] has a lower F3 value,
when it is formed by averaging a larger number of
exemplars with [ɹ] (see Hay and Maclagan [6]); a
production target for [ɹ] has a higher F3 value, when
it is formed by averaging a larger number of
exemplars with [ɾ] (Hypothesis 3).
On the basis of Hypotheses 1-3, the following
prediction can be put forward: adapted structure [ɹ] is
produced with lower F3, when it is more predictable
given a loanword (i.e., a larger number of exemplars
with [ɹ] are stored amongst exemplars associated with
the lexical category) [Prediction A], and when it is
more predictable given a speaker (i.e., a larger
number of exemplars with [ɹ] are stored within the
cognitive system) [Prediction B].

3. RESEARCH DESIGN
This section illustrates the research design employed
to test the above prediction.
3.1. Experiment: passage-reading task

96 NZE speakers participated in a passage-reading
task. They are aged between 18-35, and not speakers
of te reo Māori. They were interviewed individually
by the author in a sound booth.
Their task is to read several short passages
including Māori loanwords. Half the passages are
about Māori society or history, and the other half are
about general life or leisure in New Zealand. The
target passages contain 15 Māori loanwords (e.g.,
Oamaru, and Whangarei), which are place names
because topics can be manipulated naturally. The
target loanwords are mentioned twice within a
passage, and they appear in a few passages. The
loanwords all include word-medial /r/, of which the
realizations can be classified into adapted [ɹ] and
imported [ɾ]. The order of the passages was pseudorandomized to avoid order effects that may affect our
interpretation of the data.
3.2. Classification of /r/ realizations into [ɹ] and [ɾ]

The current study mainly relies on spectrograms to
identify the realization of a /r/ sound in a target Māori
loanword as adapted [ɹ] or imported [ɾ]: a /r/ sound
was identified as adapted [ɹ] if it was realized with no
clear consonantal edges with lowered F3; it was
identified as imported [ɾ] if it was realized with clear
consonantal edges. The remaining productions (e.g.,
realization with neither clear consonantal edges nor
lowered F3) were impressionistically identified as [ɹ],
[ɾ], or others. This is performed by the author.
Table 1: Total observation of /r/ realization

Classification
Acoustically [ɾ]
Acoustically [ɹ]
Impressionistically [ɾ]
Impressionistically [ɹ]
Others
SUM

Number (Ratio)
3,920 (41.5%)
4,474 (47.4%)
655 (6.9%)
183 (1.9%)
216 (2.3%)
9,448

3.3. Calculation of predictability of choosing [ɹ]

As in the Predictions, two types of predictability were
calculated, i.e., p(ɹ|loanword) and p(ɹ|speaker). These
predictabilities were calculated based on the above
total observations excluding tokens classified as
others. For statistical reasons, they were transformed
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into information content (IC) by taking −log2. Note
that higher probability results in lower information
content. For instance, 208 tokens of a loanword
Tokoroa were produced with adapted structure, and
355 tokens of Tokoroa were produced with imported
structure in the experiment reported in the current
study. Then, the probability of [ɹ] given Tokoroa
p(ɹ|Tokoroa) is 36.9% (i.e., 208/563), and the
information content IC(ɹ|Tokoroa) is 1.36 bits.
3.3. Measurement of F3 in adapted [ɹ]

The current study explores solely acoustically
identified [ɹ]-realizations when discussing a F3 value
of adapted [ɹ]. The domains of these tokens were
identified by consistent F2 around the lowest F3
(Lavoie [7]), although it is arbitrary to some extent to
identify the domain of inter-vocalic approximants.
The lowest F3 value within the domain was adopted
as the formant value of a token identified as [ɹ], using
a Praat script (Boersma and Weenink 2016 [8]).
4. RESULT
This section explains the statistical results to assess
Predictions A and B. The 4,474 tokens of acoustically
identified [ɹ]-realizations were hand-fitted into a
mixed-effects regression model with the lmer
function in the lme4 library (Bates et al. [9]) and
lmerTest library (Kuznetsova et al. [10]) implemented
in R (R Core Team [11]).
As in the Predictions, a response variable is a zscored F3 value of adapted [ɹ], and key variables are
IC(ɹ|loanword) and IC(ɹ|speaker), which were centred
for statistical reasons. Although our interest lies in
this relationship, several factors were fitted as control
variables. First, anatomical differences are known to
affect formant values (Watt et al. [12]). Hence,
nativeF3 and gender were fitted as control variables.
nativeF3 represents a speaker-specific potential F3
value, and was measured by analysing inter-vocalic
/r/ approximants in some native words that appeared
in the reading passages. We also explored some
factors that might affect F3 as control variables such
as phonological factors (e.g., stress and prosodic
break), passage factors (e.g., topic and speech rate),
word-specific factors (e.g., word frequency and word
length), and speaker-specific factors (e.g.,
relationship with Māori language and culture).
In order to find the best-fitted model, we started
with a model with all the above variables and two
random intercepts for participants and words.
Backward elimination was performed manually
through pairwise model comparisons using ANOVA.
Interactions between significant main effects were
also considered. If a model comparison shows no

significance (p>.05), then the smaller model was
adopted. This comparison was performed until all
predictors reached significant levels, with the result
that the following model was selected (Table 2). The
VIF scores are below 4, suggesting that there is no
multicollinearity in this model. The other
assumptions of linear model were checked visually by
inspecting a residual plot and histogram (Winter [13]).
Table 2: Model summary of the best-fitted model

(intercept)
IC(ɹ|speaker)
nativeF3
gender male
NofSegment
wdFreq

β
0.2207
0.1497
0.4599
−0.28
0.324
−0.053

SE
0.0807
0.0567
0.0589
0.1255
0.0706
0.0232

t
2.43
2.64
7.8
−2.2
4.59
−2.3

p
**
*
***
*
***
*

As the dependent variable is a z-scored F3 value,
positive coefficients indicate higher F3 values, and
vice versa. It was found that IC(ɹ|speaker)
significantly affects the F3 value, i.e., adapted [ɹ] is
produced with lower F3, when it is more predictable
(i.e., it has lower IC) given a speaker (see Figure 3).
On the other hand, IC(ɹ|loanword) is not significant
(p=0.25), but the direction is in line with IC(ɹ|speaker).
As for control variables, it was found that adapted [ɹ]
is produced with higher F3 by speakers potentially
producing higher F3; by female speakers; in loanwords with more segments and with low frequency.
Figure 3: Relation between F3 and IC(ɹ|speaker)

5. DISCUSSION AND SUMMARY
The effects of gender and nativeF3 are as expected,
that is, F3 values of adapted [ɹ] in loanwords are
affected by anatomical differences. The effect of
word length may be because a segment is likely to be
produced with shorter duration in longer words
(Lindblom [14]). This is why the F3 could not be
lowered well in longer words. The effect of word
frequency could be interpreted to mean that high
frequency loanwords are incorporated into the
English lexicon more fully than lower frequency
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loanwords, and they are more likely to be pronounced
in the same way as native words.
Finally, let us discuss the two key variables,
IC(ɹ|speaker) and IC(ɹ|loanword). The effect of
IC(ɹ|speaker) is statistically significant in our dataset
(β=0.14, t=2.64, p<0.05). This supports our
Prediction B: adapted [ɹ] is produced with lower F3,
when it is more predictable (has lower IC) given a
speaker. Our exemplar-based interpretation is as
follows: when forming a production target for [ɹ], a
target exemplar with [ɹ] may be averaged with not
only surrounding exemplars with [ɹ] but also those
with [ɾ] (Hypothesis 1). When there are higher
number of exemplars with [ɹ] represented in the
cognitive system of a speaker (i.e., the predictability
of [ɹ] given a speaker is higher), a target exemplar
with [ɹ] may be more likely to be averaged with
surrounding exemplars with [ɹ] (Hypothesis 2), see
Figure 4. A production target for [ɹ] is produced with
lower F3 value, when it is formed by averaging a
larger number of exemplars with [ɹ] (Hypothesis 3).
Figure 4: Averaging target and adjacent exemplars

Our results show that IC(ɹ|loanword) is not
statistically significant (p=0.25), and therefore
Prediction A was not well-supported in the current
study. However, we would like to note that the
direction of the effect of the word-specific
predictability is in line with our averaging-based
Prediction. The null result might be due to the narrow
set of loanwords employed in the passage-reading
task, which might not enable us to explore a variety
of values of the predictability given a loanword.
Recall that the target loanwords are all place names.
The future exploration of this predictability effect
using a larger dataset including common nouns might
strengthen the hypothesis regarding exemplaraveraging in relation to a lexical category.
In summary, this study provides evidence that
exemplars that are cognitively linked but phonetically
distinct can be averaged in production. The result
reported in the current study can neatly be captured
by positing that exemplars with [ɾ] and [ɹ] are stored
closely, and they are averaged when forming a
production target for [ɹ]. The findings develop our
understanding how phonetically distinct variants are
stored in our mind and processed in production.
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ABSTRACT

codas (e.g., /pit/ is attested but /pı̃t/ is not), which
can be formalized as a *ṼC constraint. The latter
restriction is potentially related to the fact that nasal
vowels were introduced into Southern Min via sound
change from vowels with a nasal coda (i.e., VN →
Ṽ) [10, 15], and since there was no complex coda,
nasal vowels are now only attested in open syllables.
Given these constraints, the attestedness of sequences like /mN/ may suggest that /N/ is phono" if /mN/ is
logically a nasal "vocalic unit. Otherwise,
phonologically /m@N/, it either violates *NV if "it is
/m@N/, or violates *ṼC if it is /m˜@N/. The violations
would not arise if /mN/ has the phonological status
of a nasal vowel, since" NṼ is licit.
Informal observations reveal that a schwa-like
vowel is very often inserted between the onset and
the velar nasal /N/. Motivated by the observations,
this study has two main goals. The first goal is to
examine how often /N/ is realized as [N] and [@N] re" goal is to reveal
" the distribuspectively. The second
tions of these realizations across different contexts.
It is possible that syllabic nasals are consistently
realized with a schwa regardless of phonological
contexts. Existence of such consistency may be used
as an argument to posit an /@N/ underlying form or to
posit an obligatory phonetic realization rule. This is
the C ONSISTENT S CHWA -NASAL hypothesis.
It is also possible that the realization is variable
and sensitive to contexts. One type of sensitivity
that may surface is articulatory. For example, when
the onset is alveolar, the transition from the alveolar gesture to the velar gesture in /N/ may create an
obligatory vocoid articulation. On" the other hand,
when the onset is a labial or glottal sound, which
does not require a tongue gesture, or a velar sound,
which is homorganic with the velar nasal, /N/ may be
" since
more likely to be realized a real syllabic nasal
no such transition into a velar gesture from the onset is needed. In other words, the [@N] realization is
an articulatory by-product, and /N/ can still be seen
as the underlying form. This is the" A RTICULATORY
E FFECT hypothesis.
There is also a possibility that the present-day description of syllabic nasals in Taiwanese was once

This paper examines phonetic realizations of phonemic syllabic nasal /N/ in Taiwan Southern Min. Mo"
tivated by the observation
that /N/ is often realized as
" are asked: How
[@N], two main research questions
frequent are [@N] and [N] realizations respectively,
"
and what are their distributions?
These questions
lead to discussion on the interpretation of the *NV
and *ṼN constraints in this language, since forms
like /mN/ are often realized as [m@N]/[m˜@N]. Exami" /N/ tokens in a spontaneous speech corpus
nation of
shows that " /N/ is realized with a vowel portion 95%
of the time. "The [N] realization is only consistently
observed following" /h/, and shows up slightly more
following velar stops than following other sounds.
Articulatory accounts are used to argue that this distribution supports the view that /N/ is an underlying
" in the underlyform, keeping the *NV and *ṼN true
ing level, and explains the [@N] realizations as a side
effect of tongue movement.
Keywords: syllabic nasal, glottal fricative, nasal,
phonotactics, homorganicity
1. INTRODUCTION
This study examines the velar syllabic nasal /N/. in
Taiwan Southern Min (henceforth Taiwanese). Taiwanese is described as having phonemic syllabic
nasals, /m/ and /N/ (e.g. [8, 2, 7, 9]). Voiceless
"
obstruents" and nasals
can precede /N/, while /m/ is
always onsetless, but with a very high token frequency, as it is a negative marker in Taiwanese. This
study focuses on the realization of /N/ due to its more
varied distribution of occurrences. "
In addition to descriptions in grammars and dictionaries, there are also phonotactic motivations for
assuming that the syllabic nasal /N/ is behaving as
one single unit rather than a vowel "and a velar nasal
coda in Taiwanese. First, nasal onsets only appear
with phonemic nasal vowels (e.g., /mã/ is attested
but /ma/ is not) [11], which can be formalized as a
*NV constraint. Second, nasal vowels never have
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coid portion.

accurate, but a sound change from /N/ to /@N/ is either ongoing, or is completed with "some remnant
effect that shows up as a difference between speakers from different generations. This is the S OUND
C HANGE hypothesis, which predicts that old speakers are more likely to have [N] realizations, and when
"
they do have a [@N] realization,
the vowel is more
likely to be shorter.
English, a language where syllabic nasals [m] and
"
[n] are described in both phonetic and phonological
"
accounts (e.g., [4, 5, 14]), may provide some support for the A RTICULATORY E FFECT hypothesis. A
recent study [3] on the distribution of word-final syllabic nasals [m] and [n] (as opposed to [@m] and
" in read" speech, after a glottal stop
[@n]) shows that
[P], [n] shows up 74% of the time, and after a flap
[R], [n"] shows up 37% of the time. In spontaneous
" the rate of [n] rises to 89% in both contexts.
speech,
"
In all other consonantal
contexts, [n] only shows up
"
3%-17% of the time in both read and
spontaneous
speech. The predominance of [n] as opposed to [@n]
following a glottal stop shows "a potential effect of
a true syllabic nasal being more likely following a
segment not requiring a tongue gesture. The relatively higher frequencies of [n] following a flap, on
" homorganic onsets
the other hand, may suggest that
are more likely to elicit true syllabic nasals.
In addition to the main research questions, following [3], this study also investigates whether the
presence of a vowel correlates with the length of the
nasal coda. If the vocoid realization is accompanied
with a shortening of the nasal coda, it may suggest
that the speaker takes the whole rime as a unit with
a fixed length.

Figure 1: The syllable /mN/ in the phrase /mN in
"
"
beP/ ‘ask them (if they) want’,
where a syllabic
nasal is realized with an apparent vocoid portion.

Annotation was also done for syllables with the
rime /IN/ to make vowel quality comparisons with
the vowel in [@N] realizations for /N/. It also allows
for examining the potential effect on" inserted vocoid
duration between old and young speakers: without
comparing vowel duration with at least one other
rime type, we cannot conclude whether the observed
effect is specific to /@N/ or is just a general effect of
age on vowel duration.
The occurrence of true syllabic nasals was examined by mixed-effects logistic models with a binary
dependent variable indicating whether a specific token was realized without a vocoid. The duration
of vocoid portion, when there was any, was examined by mixed-effect linear models. Both types of
models were run with R using the lme4 package
[1]. For both types of models, subjects were included as a random effect. The fixed effects included
AGE, P LACE (onsets’ place of articulation), M AN NER (onsets’ manner of articulation), NASAL (onsets’ nasality), and ProsBr (whether the target syllable occurs before a prosodic break). For the analysis
of nasal coda duration, VOCOID, the presence and
absence of a vocoid realization was added as a fixed
effect. After a full model with all the fixed effects
and their interactions was run, main effects and the
associated interactions that did not improve the overall fit of the model were taken out one by one. After
this procedure, we use the lsmeans package [6] to
conduct pairwise comparisons with the final model
between cells, with the built-in p-value adjustment
using the Tukey method.

2. METHOD
The acoustic data were taken from a corpus of Taiwanese spontaneous speech where the speakers were
elicited monologue-like speech in sociolinguistic interviews. The subset for this study contains 16
speakers from the same dialectal region (Taichung),
evenly balanced in gender and two age groups: old
speakers born before 1960 and young speakers born
after 1975. Each speaker contributed around 30 minutes of recording, adding up to around eight hours
in total. The annotation for this subset contains
syllable-level segmentation and the location and levels of prosodic breaks [13].
For the present study, segmental boundaries for
syllables containing syllabic nasals were labeled,
mainly to identify portions within a syllable that
contained vowel-like formant structure. Figure 1
shows an example of /N/ being realized with a vo"

3. RESULTS
3.1. Distribution of true syllabic nasals

A total of 835 occurrences of /N/ were identified in
" are broken down
the corpus. Their realizations were
into three types. A true syllabic velar nasal [N], a ve"
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lar nasal with a vocoid realization [@N], and a vowel
without a coda [@]. The distribution of realization
types across different consonantal contexts is shown
in Table 1. Only 4.8% of these token are realized as
a true syllabic nasal.

ing /t, th / (β = 8.15, SE = 1.22, z = 6.69, p < .0001),
following /k, kh / (β = 4.91, SE = 1.18, z = 4.18, p
< .0001). In addition, a true syllabic nasal is more
likely following a velar stop /k, kh / than following /t,
th / (β = 3.23, SE = 0.74, z = 4.42, p < .0001).

Table 1: Distribution of realization types across
different onsets

Figure 3: Example of a [kN] realization in phrase
"
/na-kN-na-kiau/ ‘carrying while
swearing’
"

context
m
n
p
t
th
k
kh
ts
tsh
s
h
0/
total

N
"
0 (0.0%)
0 (0.0%)
0 (0.0%)
1 (0.5%)
2 (15.4%)
3 (17.6%)
4 (20.0%)
0 (0.0%)
4 (25.0%)
6 (2.9%)
20 (95.2%)
3 (100%)
43 (5.2%)

@N
46 (88.5%)
176 (94.6%)
39 (97.5%)
193 (91.9%)
9 (69.2%)
14 (82.4%)
16 (80.0%)
43 (95.6%)
11 (68.8%)
184 (91.2%)
1 (4.8%)
0 (100%)
732 (88.7%)

@
6 (11.5%)
10 (5.4%)
1 (2.5%)
16 (7.6%)
2 (15.4%)
0 (0.0%)
0 (0.0%)
2 (4.4%)
1 (6.2%)
12 (5.9%)
0 (0.0%)
0 (100%)
50 (6.1%)

3.2. Vowel quality & duration of [I] vs. [@] before [N]

Having established that [@N] is a predominant realization of /kN/, acoustic measurement is done to con"
firm the impressionistic
transcription of the vocoid
realization as [@], using the [I] vowel as the reference. Mid-point F1 and F2, normalized with the
Bark Difference method [12], are shown in Figure
4. Mixed-effects linear models show that [@] is significantly lower (β = -0.78, SE = 0.03, t = 22.48, p
< .0001) and backer (β = 1.92, SE = 0.04, t = 48.58,
p < .0001) than [I]. Analysis on duration shows that
[@] is shorter than [I] (64.05 ms vs. 85.26 ms, β =
-21.02, SE = 1.26, t = 16.66, p < .0001).

Figure 2: Example of a [hN] realization in phrase
" so’
/iu-ti-hN sou-i/ ‘kindergarten,
"

3.3. Duration of vocoid portion

The final model on the occurrences of true syllabic nasals contains AGE, P LACE, M ANNER, and
P ROS B R as the fixed effects. Pair-wise cell comparisons show four significant differences. In young
speakers’ non-final syllables, the vowel is longer following an fricative than following a stop (β = 7.98,
SE = 2.79, t = 2.86, p < .05) and an affricate (β
= 13.13, SE = 4.98, t = 2.64, p < .05). Following
young speakers’ coronal fricative /s/, the vowel is
longer before a prosodic boundary than in a phrasemedial position (β = 15.19, SE = 4.32, t = 3.51, p
< .001). Finally, for coronal fricative /s/ in a syllable that is not right before a prosodic boundary,
the vowel is longer for young speakers than for old
speakers (β = 17.26, SE = 5.35, t = 3.32, p < .001).
Supplement analysis with /IN/ syllables does not
reveal significant effect of age, as the most informative model only contains place of articulation and
syllable finality as fixed effects. It shows the possi-

The consonantal contexts with the highest proportion of [N] tokens are the onsetless context, where
"
all three occurrences
are realized as [N], and following the glottal fricative [h], where 20" out of 21 occurrences of are realized as [hN], one of which is
"
shown in Figure 2. The other contexts
where [N] occurs around 15%-25% of the time are following" /th /,
/k/, /kh / and /tsh /. An example of [kN] realization is
"
shown in Figure 3.
The final model on the occurrence of true syllabic
nasals only contains P LACE and M ANNER as fixed
effects. Pair-wise cell comparisons show five significant differences, four of which show the expected
effect involving glottal fricative /h/ that can be easily observed in Table 1: following an /h/, a true syllabic nasal is more likely than following /ts, tsh / (β
= 5.72, SE = 1.19, z = 4.81, p = .0001), following /s/
(β = 6.69, SE = 1.15, z = 5.83, p < .0001), follow-
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bility that the age effect might be exclusive for the
vocoid portion for /sN/ syllables.
"

speakers will either have more [N] tokens or shorter
schwas in their [@N] realizations. " The latter is found
only in a very particular context, although the lack of
such an effect on the /IN/ rime suggests a possibility
that this effect only pertains to syllabic nasals.
(1) Findings paired with the hypotheses
a. C ONSISTENT S CHWA -NASAL: Not
supported − [@N] realizations are not
uniformly consistent across contexts
b. A RTICULATORY E FFECT: Supported −
[N] realizations are more likely follow" /h/ than other sounds, and more
ing
likely after velar stops /k, kh / than coronal stops /t, th /
c. S OUND C HANGE: Very weakly supported − old speakers have shorter [@]
than young speakers following /s/ in
phrase-medial syllables

3.4. Compensatory shortening of coda for [@N]?

Analysis on coda duration as a function of [N]/[@N]
"
realization shows that in certain contexts, presence
of a schwa shortens the nasal coda. This compensatory shortening effect suggests that the syllabic
nasal, including the often-attested vocoid realization, may be considered a phonological unit in articulation so that having a schwa does not result in
additional duration.
These findings can be interpreted as showing that
/N/ is an underlying phonological unit as a whole,
" like nasal vowels such as /ã/: the sensitivity of
just
the rate of [N]/[@N] to articulatory gestures may be a
" articulatory effects: the speakers aim
by-product of
for a syllabic nasal, but for some places of articulations, a vocoid portion is difficult to avoid because
of transitions of tongue gestures. This effect may be
stronger for nasal onsets /m/ and /n/, since voicing
already starts during labial and alveolar closure, the
transition to a velar closure easily leads to the opening of oral tract with voicing and results in a vocoid
portion.
To conclude, this study has provided a preliminary phonetic description of /N/ in Taiwanese. The
"
findings align with an articulatory
interpretation of
the [@N] realization and are used to argued for /N/
"
being underlyingly a syllabic nasal, despite being
frequently realized with a schwa. The findings also
make contribution to the very understudied topic of
the phonetics of syllabic nasals in general.

Figure 4: Quality of vowels in [IN] and [@N]. Ellipse show 95% confidence interval

The final model for coda duration contains four fixed
effects: Age, M ANNER, P ROS B R, and crucially,
VOCOID. Analysis with lsmeans shows that the coda
is significantly shorter in [@N] than in [N] for old
speakers’ fricatives in phrase-final position (β = 155.41, SE = 34.62, t = -4.49, p < .0001), and both
groups of speakers fricatives in phrase-medial position (young: β = -90.55, SE = 16.38, t = -5.52, p
< .0001; old: β = -87.86, SE = 19.57, t = -4.49,
p < .0001). These results suggest a compensatory
shortening effect.
4. DISCUSSION
Consistent with informal observations, the syllabic
nasal /N/ in Taiwanese is overwhelmingly realized as
"
[@N], which
a vowel that is shorter, lower, and backer
than [I]. The findings with respect to the hypotheses
are summarized in (1).
The C ONSISTENT S CHWA -NASAL hypothesis is
not supported, as the rate of [@N]/[N] realization
"
varies across different phonological contexts.
On the
other hand, the A RTICULATORY E FFECT hypothesis
finds a relatively strong support in this study. The
glottal fricative /h/, whose articulation does not require a tongue gesture in the oral tract, is almost exclusively followed by the [N] realization. The velar
"
stops /k, kh /, being homorganic
with /N/, also show
" than their
a moderately higher rate of [N] realization
"
coronal counterparts.
There is very limited support for the S OUND
C HANGE hypothesis, which predicted that old
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ABSTRACT
The aim of the present study is to investigate the
acoustic properties of the laryngeal contrast in Najdi
Arabic initial stops, with a particular focus on
whether both voicing and aspiration are active
features in the language. Temporal and spectral
acoustic properties were investigated in /b, d, ɡ, t, k/
in word-initial position as produced by 12 native
speakers of Najdi Arabic. The results revealed that
Najdi Arabic contrasts prevoiced and aspirated
stops, a rarely documented phenomenon. VOT and
F0 onset were found to be robust acoustic correlates
for the stop voicing contrast in the variety, showing
tenseness for the voiceless set and active voicing for
the voiced one. The implications of the acoustic
details of laryngeal contrast in Najdi Arabic for the
phonological
representations
are
discussed,
particularly in relation to the active distinctive
features in the phonological system in Najdi Arabic.
Keywords: voicing, acoustics,
aerodynamics, laryngeal realism

Najdi

Arabic,

1. BACKGROUND
Voicing in stops has been the focus of many studies
due to its varied language-specific manifestations
and the challenge these have posed for the
phonological representation of voicing. Voicing
involves different aerodynamic and articulatory
events, with context-specific acoustic consequences.
In word-initial stressed position, early studies have
proposed that Voice Onset Time (VOT) is the main
acoustic correlate that signals the distinction
between voiced and voiceless stops [4, 22, 23]. The
study of Lisker and Abramson [22] investigated
VOT for initial stops in eleven languages and
revealed that the voiced and voiceless stops in these
languages fall into three main categories: voicing
lead (median VOT: 100 ms), short lag (median
VOT: 10 ms), and long lag (median VOT: 75 ms).
Languages differ in the implementation of
laryngeal contrast with respect to the types and
number of VOT categories that signal the distinction
[4, 23]. Voicing languages such as French [3]
contrast voicing lead with short lag. Aspirating
languages such as English [22, 7] and German [15]
typically contrast short lag with long lag. While a
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certain degree of variability and overlap in phonetic
categories has been found within the same
phonological category (e.g. both voicing lead and
short lag were found for phonologically voiced stops
in English by Docherty [7]), the main dichotomy
between voicing and aspirating languages has
dominated the literature. This has enabled
researchers to claim qualitatively different laryngeal
settings for the voicing contrast in each group, with
one being based on the presence or absence of a
spread glottis feature and the other on the presence
or absence of voicing [11, 14, 16, 13]. In recent
years, however, some languages have been found to
have a unique pattern that is different from the above
categorization in that they contrast prevoiced with
aspirated stops, these include Swedish [1] Najdi
Arabic [9] and Qatari Arabic [20].
These findings raise questions about the
phonological representations that specify voicing
contrast among languages. The traditional view
postulates that the binary feature [+/-voice]
represents the voicing contrast in the phonology
regardless of the phonetic details. The laryngeal
realism view, however, proposes mapping between
phonological representations and phonetic detail, in
which the acoustic characteristics reflect the
privative distinctive features that specify the
laryngeal contrast in the phonology [1].
Accordingly, it assumes that the laryngeal contrast
in aspirating languages is specified by the [spread
glottis] feature while it is specified by the [voice]
feature in voicing languages.
Amongst the acoustic characteristics which
define these features, the fundamental frequency and
the first formant at the onset of a vowel following a
stop have been found to be robustly related to the
presence of prevoicing or aspiration, and to
contribute to the identification of stops as voiced or
voiceless [25, 18, 15]. F0 and F1 onset have been
reported to be higher after voiceless stops than after
voiced ones in many languages. This is a by-product
of the opening of the vocal cords and the airflow at
the release stage in the case of voiceless stops and
the tension of the vocal cords in the case of voiced
ones. [24, 26]. It has also been proposed that F0 and
F1 onset are phonological properties that signal the
laryngeal distinction regardless of the acoustic
characteristics [6, 19].

The case of laryngeal contrast in Najdi and Qatari
Arabic is interesting, as aspirated and prevoiced
stops require both the [spread glottis] and [voice]
features, something that is contradictory to what has
been generally proposed in the literature about
Arabic as a true voicing language. Importantly, it
raises the question of whether the laryngeal contrast
in one language can be based on two active features
rather than one, something that phonological
accounts based on binary contrasts and underspecification might disfavour [13, 14].
2. THE CURRENT STUDY
In the present paper, we investigated the VOT
patterns of the voicing contrast in Najdi Arabic
initial stops and looked at temporal and spectral
acoustic correlates that have been reported in the
literature as cues for the distinction between
phonologically voiced and voiceless stops. As
Flege’s [9] study was small scale and with a focus
on second language acquisition, this study allowed
us to 1) extend the investigation of VOT patterns in
Najdi Arabic initial stops by considering different
places of articulation and different qualities of the
following vowels, 2) explore the robust acoustic
correlates that differentiate between phonologically
voiced and voiceless stops in Najdi Arabic, and 3)
draw conclusions regarding the phonological
representation of voicing in Najdi Arabic and by
doing so contribute to research on phoneticsphonology interface.

read the sentences aloud in their native dialect. Their
production was recorded using a microphone (Klim
USB FR. 100Hz-10Kh), which was placed 25 cm in
front of their mouths. The recording was made at a
sampling frequency of 44,100 Hz, 16 bits
quantisation and in mono channel. The total number
of target sentences was 240 (80 words x 3
repetitions). The total number of tokens was 2880
(240 sentences x 12 participants).
3.2. Acoustic analysis

Acoustic analysis was carried out using Praat [2].
All tokens were manually transcribed and segmented
in TextGrids through interpreting the waveforms and
the spectrograms (Figure 1 and 2). For each stop,
VOT, stop closure, and F0 and F1 at the onset of the
following vowel were measured. VOT was
measured as the period between the beginning of the
release burst of the stop and the onset of the glottal
vibration [22]. For closure duration, the onset was
determined as the end of the final sound of the
carrier phrase to the onset of the stops release. The
release of the stop was observed as a burst of noise
on the waveform and the spectrogram. In terms of
F0 and F1, they were measured at the voicing onset
of the following vowel. The voicing onset was
determined at the beginning of the first cycle of the
glottal vibration [10].
Figure 1: The segmentation and labelling of the
word ba:t ‘slept’.

3. METHODS
3.1. Materials and speakers

The data reported here are based on recordings of
natural sentences produced by twelve monolingual
native speakers of Najdi Arabic (6 males, 6 females)
aged 25-35 years, living in Riyadh and of mid to
high socio-economic level. We created a list of 80
real Najdi Arabic monosyllabic (CVC) words. The
test words started with voiced or voiceless stops that
differed in place of articulation (bilabial, alveolar,
velar), followed by one of eight Najdi Arabic vowels
(/a:/, /a/, /i:/, /i/, /u:/, /u/, /e:/, /o:/). The test words
were preceded by the carrier phrase [ʔana ʔagool] ‘I
say’. The participants were seated in a quiet room in
their homes and were asked to read the sentences
from a computer screen, with a sentence on each
slide and at a steady pace. Each target word was
repeated three times but the sentences were semirandomized so that the same word never appeared
twice in a row. The participants were instructed to
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Figure 2: The segmentation and labelling of the
word kabb ‘spill’.

3.3. Statistical analysis

A one-way analysis of variance (ANOVA) was
conducted to test the effect of the linguistic factors
on VOT, with a place of articulation as a factor with
three levels (bilabial, alveolar, velar) and with the
type of the following vowel as a factor with eight
levels (/a:/, /a/, /i:/, /i/, /u:/, /u/, /e:/, /o:/). A post-hoc
test (Tukey’s HSD) was performed to test the
pairwise differences among the levels of each of the
linguistic factors. Additionally, each of the acoustic
correlates in voiced and voiceless stops
were separately investigated using one way ANOVA
with closure duration (CD), F0 onset, and F1 onset
as dependent variables and voicing status as
independent variable (voiced/ voiceless).

Figure 4: Closure duration patterns
phonologically voiced and voiceless stops.

for

4. RESULTS
As shown in Figure 3 and Tables 1 and 2, voiceless
stops in Najdi Arabic are aspirated word-initially
while voiced stops are produced with prevoicing
throughout the closure for 98% of the tokens. Mean
VOT was 76.2 ms (SD= 14.36) for voiceless stops
and -75.13 ms for voiced stops (SD= 27.01).
One-way ANOVA results showed that there was
a significant effect of place of articulation on VOT
(P=0.0016). For voiceless stops, mean VOT for /k/
(83.9 ms) was significantly longer than for /t/ (68.4
ms, p = 0.001), as was reported in previous studies
[22, 4]. For voiced stops, on the other hand, post-hoc
test (Tukey’s HSD) revealed that VOT values
increased in the order /b/ > /d/> /ɡ/, with significant
differences between all the pairs. This is due to the
difficulty of maintaining voicing the further back the
place of articulation [22, 24].
Though not presented here, one-way ANOVA
results also showed a significant effect of the
following vowel type on VOT (P=0.00553), with
high vowels having longer VOT than low ones.
Figure 3: VOT patterns for phonologically voiced
and voiceless stops.
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Figure 5: F0 onset patterns for phonologically
voiced and voiceless stops.

Figure 6: F0 onset patterns as a function of vowel
quality.

Table 1: mean VOT values for /b, d, ɡ/,
N= number of tokens, SD= standard deviation.

Place

Stop

N

SD

/b/

mean VOT
(ms)
-82.18

Bilabial

576

20.64

Alveolar

/d/

-74.73

576

23.68

Velar

/ɡ/

-68.3

576

31.87

Total
mean

75.13

27.01

Table 2: mean VOT values for /t,k /, N= number
of tokens, SD= standard deviation.

Place
Alveolar
Velar
Total
mean

Stop
/t/
/k/

mean VOT (ms)
68.49
83.92
76.2

N
576
576

SD
12.44
16.28
14.36

In terms of closure duration, voiceless stops were
significantly longer than voiced stops (P=0.0433).
The mean closure duration was 83.2 ms (SD=24.8)
for voiceless stops and 75.1 ms (SD=27.01) for
voiced stops. However, the results showed overlap
between the closure duration values of the two
categories.
F0 onset values were found significantly higher
following voiceless than voiced stops in high and
low vowels, which concurs with findings from other
languages [8, 25] and demonstrates a tenser setting
following voiceless stops. F0 onset ranged from
140.56 Hz to 188.87 Hz for voiceless stops and from
125 Hz to 173.4 Hz for voiced stops. F1 onset values
for phonologically voiced and voiceless stops
showed no significant difference (P=0.62) and are
not presented here due to lack of space.
5. DISCUSSION

The aim of the present study was to investigate the
phonetic realization of phonologically voiced and
voiceless initial stops in Najdi Arabic with the aim
to investigate which phonetic categories they occupy
along the VOT continuum and what implications
this has for their phonological representations. As
discussed in the background to the study, the
laryngeal contrast in languages has typically been
thought of as being represented by one set of
distinctive features, often assumed to be binary (e.g.
[+/- voicing] or [+/-spread glottis]. Results from this
study showed that phonologically voiced and
voiceless stops can be identified by the presence of
negative VOT in case of voiced stops and positive
VOT in case of voiceless stops, with no
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contradiction or overlap between the two categories.
The presence of prevoicing in voiced stops and long
lag VOT in voiceless stops in all tokens of the
present study indicate that VOT is a strong and
effective acoustic correlate in the description of
voicing contrast in Najdi Arabic. The results are
consistent with Flege’s [9] conclusion that Najdi
Arabic has aspirated and prevoiced stops. In the
present study, F0 emerged as another acoustic
correlate that differentiates between voiced and
voiceless initial stops, once again concurring with
results from languages with fortis stops which show
tenseness following the voiceless set [12, 27].
The presence of prevoiced and aspirated stops in
the laryngeal system in Najdi Arabic generates
questions about the nature of the phonological
representations that specify such contrast. By
considering the laryngeal realism approach, it could
be suggested that laryngeal contrast in Najdi Arabic,
like in Qatari Arabic and Swedish, is over-specified
in the phonology with [voice] for voiced stops and
[spread glottis] for voiceless stops. Such assumption
contradicts the economy principle proposed by
Chomsky and Halle [5] which highlights that
voicing contrast between segments is specified by
one distinctive feature.
6. FUTURE REASERCH
A follow-up study is being carried out by the authors
to investigate the phonetic realization of laryngeal
contrast in Najdi Arabic by considering different
positions within the word and the sentence to test the
quality and the quantity of the VOT patterns in
different phonetic contexts. VOT in utterance-initial
context is specifically being examined in voiced
stops based on the assumption that it reflects the
presence or absence of [voice] due to the difficulty
in initiating and maintaining voicing in such a
position [15]
Additionally, we are using different tools that are
proposed in the realm of laryngeal realism to extend
our understanding of the interactions between the
acoustic signals and the active distinctive features in
the phonological systems. These tools include
testing the effect of speech rate on the temporal
acoustic correlates and their implications for the
presence or absence of the phonological features.
They also include examining the passive and active
voicing patterns in the intervocalic position as
another way to address the synergy between the
acoustic cues and the phonological representations.
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ABSTRACT
This paper describes the phonetics and phonology of
the -er suffix in the Hangzhou Wu Chinese dialect.
12 speakers, 6 male and 6 female, provided speech
data. The phonetic characteristics of the -er suffix
was discussed on the basis of articulatory and
acoustic data. And the impact of the -er suffix on the
preceding syllables was examined. Results suggest
that the -er suffix is a somehow retroflexed lateral,
or a lateral rhotic. Different to Beijing Mandarin,
there is no resyllabification process regarding the -er
suffixation in Hangzhou. Rather, multisyllabic
words with -er suffixation are subject to general
rules of tone sandhi. However, the 2 falling
diphthongs [ei ou] are monophthongized into [e o]
respectively during the process of -er suffixation.
Keywords: -er suffixation, syllabic consonant,
lateral, rhotic, the Hangzhou Wu dialect.
1. INTRODUCTION
Hangzhou was the capital of China during the
Southern Song dynasty (A.D. 1127-1279) and is the
capital city of the Zhejiang province. The Hangzhou
dialect belongs to the Wu dialect family but has
certain characteristics of Mandarin ([1], [2], [3], [4]).
The -er suffix occurs as a typical case where Wu
meets Mandarin. The -er suffixation is a
morphophonological
process
expressing
a
diminutive meaning. The phonetic forms of -er
suffix vary from fricative, approximant, rhotic,
rhoticized vowel, plain vowel, apical vowel, to nasal
among Chinese dialects ([5]). A basic typology is
that -er in Mandarin dialects usually takes a form of
fricative or rhotic consonant, whereas -er in Wu and
other southern dialects is associated with nasal
consonant. This is the reason why Karlgren
reconstructed *ȵʑ for the historical consonant in
Middle Chinese ([6]), because he failed to give an
explanation how a nasal could change into a
fricative or vice versa ([5], [7]). But -er in Hangzhou
is neither a rhotic nor a nasal; it is basically a lateral.
This is believed to be the influence of the Mandarin
speaking immigrants in the Southern Song dynasty
([8], [9]). That is, the rhotic consonant for -er, which
was not available in Hangzhou phonology, was
substituted by a lateral.
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The morphological -er suffixation is associated
with phonological resyllabification in Beijing
Mandarin, and consequently affects the phonetics of
the preceding host syllable. In Hangzhou, there is no
resyllabification for -er suffixation. The -er suffix
stands as an individual syllable, and the disyllabic or
multisyllabic words with -er suffixation is subject to
general rules of tone sandhi. However, -er
suffixation could still have effect on the vowel in the
preceding syllable. Hangzhou has a rich vowel
inventory. There are 8 monophthongs [ɿ ʮ a i u y ɛ
ɔ], 2 falling diphthongs [ei ou] and 10 rising
diphthongs [ia iɔ iɛ ua uɛ uo yoʮa ʮɛ ʮo], and a
triphthong [uei] in open CV syllables. A few vowels
and rising diphthongs [i y a ə o ia io ua uə ʮa ʮə]
occur in syllables with a nasal coda - ŋ; and fewer [a
o iɛ io ua yɛ ʮa] also occur in syllables checked by a
glottal stop -ʔ. All the vowels can be followed by the
-er suffix to form a word expressing a diminutive
meaning.
This paper describes the phonetics and
phonology of the -er suffix in Hangzhou. As
mentioned earlier, the -er suffix is basically a lateral
in Hangzhou and is often transcribed as syllabic
lateral [l̩ ] or [əl] in dialectological works ([10]). But
there is controversy that Simmons argued that the -er
suffix in Hangzhou is not a lateral, but a rhoticized
vowel [ɚ] ([11]). Xu further pointed out that the
pronunciation of the -er suffix might be affected by
sociolinguistic factors and prosodic conditions,
namely younger speakers tend to use more retroflex
articulations for the -er suffix in unstressed syllables
([12]). However, previous studies were basically
dialectological impressionistic descriptions without
phonetic details. This paper aims to query into this
issue with more phonetic details. And also, this
paper examines how -er suffixation affects the vowel
production on the preceding syllable.
2. METHODOLOGY
12 native speakers, 6 male and 6 female, provided
speech data. All of them were born and raised up in
Hangzhou, and had no reported history of speech or
hearing disorders.
Meaningful -er suffix words with a preferable
mid-tone monosyllabic noun root were used as test

words in the acoustic study. Audio sounds were
recorded into a laptop PC with a DMX 6 Fire USB
sound card through a SHURE SM86 microphone.
Speakers were instructed to speak the test words in a
natural way with a normal tempo. The sample rate is
22,050 Hz. Five repetitions were recorded.
Acoustic data were annotated and analyzed by
PRAAT 6.0.19 ([13]) and VoiceSauce ([14]). The
annotation first divide the target -er suffixation into
two parts: the monosyllabic root and -er. The lowest
three formants were extracted at the midpoint of the
-er syllable and of the vowel or diphthong element in
the root, respectively. Due to the space limit, only
the monophthong data were included in this paper.
In order to check if there is a lingual gesture of
rhoticization during -er suffixation, the third formant
(F3) were measured at the 70-100% point of the
entire duration on the root vowel.
The articulatory study is based on one male
speaker who is not included in the acoustic study.
Monosyllabic CV words were used as control, where
C includes all coronal consonants and V is the low
vowel [a] to facilitate the measures of linguopalatal
contacts. The test words are onset-less V syllables
followed by the -er suffix. And the monosyllabic
word er ‘son’ was also included.
3. RESULTS

active articulator: namely er is apical, while [tsa33]
and [ta53] are more laminal.
Figure 2 compares palatograms (upper) and
linguograms (lower) for [l̩ 23] ‘son’ (mid), [ɦaʔ2 l̩ 23]
‘box’ (left) and [u23 l̩ 23] ‘kettle’ (right) in citation
form. It can be seen from the figure that there is no
essential difference between the monosyllabic er and
the suffix -er.
Figure 1: Palatograms (upper) and linguograms
(lower) for [tsa33] (left), [l̩ 23] (mid) and [ta53]
(right).

Figure 2: The palatogram (upper) and linguograms
(lower) for [a23 əl23] (left), [l̩ 23] (mid) and [u23 əl23]
(right).

3.1. Properties of the -er suffix

3.1.1. Articulation
Figure 1 shows palatograms (upper) and
linguograms (lower) for the monosyllabic word er
[l̩ 23] ‘son’ (mid), as compared to the alveolar stop
[ta53] ‘attack’ (right), and affricate [tsa33] ‘squeeze’
(left) in citation form. The black areas in the figure
indicate linguopalatal contacts. Palatograms show
the contacts on upper teeth and the palate, and
linguograms show the contacts on the tongue. The
palatogram and linguogram for the target syllable
were recorded separately. And Figure 2 below is
arranged in the same way.
It can be observed from Figure 1 that there are
three differences between er [l̩ 23] and its coronal
counterparts [tsa33] and [ta53]. First of all, they differ
in manner of articulation. That is, er [l̩ 23] is lateral,
as there is linguopalatal contact only along the
midsagittal plane. This suggests that the airflow has
a median blockage but lateral passages. By contrast,
there is full linguopalatal contact during the
production of [tsa33] and [ta53], suggesting a
complete blockage of airflow for stop and affricate.
Second, they differ in passive place of articulation.
The lateral er is postalveolar, while [tsa33] and [ta53]
are basically alveolar. Third, they differ in terms of
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3.1.2. Acoustics
Both the monosyllabic er ‘son’ and -er suffix have a
schwa-like formant structure. Figures 3 shows 2sigma ellipses for the monosyllabic er (l) ‘son’ and er (-l) suffix in the acoustic F1/F2 vowel plane. The
vowel plane is determined by using the first formant
(F1) as ordinate and second formant (F2) as abscissa
with the origin of the axes to the top right. The axes
are Bark-scaled ([15]), while the values along the
coordinates are still labelled in Hertz. The ellipse for
the monosyllabic er ‘son’ is based on 30 data points
(5 repetitions × 6 speakers); and the ellipse for the -

er suffix is based on 300 data points (10 vowels × 5
repetitions × 6 speakers). And the ellipses for the
monophthongs [i y a u], each of which is based on
60 data points (2 test words × 5 repetitions × 6
speakers), are also superimposed in the figure for
reference.
It can be observed from Figure 3 that the ellipses
for the monosyllabic er ‘son’ and -er suffix occupy a
central vowel position and extensively overlap with
each other. As mentioned earlier, -er was usually
transcribed as [l̩ ] or [əl] in the dialectological
literature. In fact, the schwa [ə] and the lateral [l]
have similar formant structure, as the vocal tract is
basically in a neutral situation during the production
of both sounds. The lateral [l] differs with the schwa
[ə] in that in addition to formants, the lateral [l] has
antiformants. -er is transcribed as [l̩ ] in this study, as
the data suggest that -er is composed of a single
segment, rather than a sequence of a schwa and a
lateral [əl].
Figure 4 examines the ellipses for the -er suffix in
the context of different preceding vowels. Each
ellipse is based on 30 data points. The preceding
vowels include the 8 monophthongs [ɿ ʮ a i u y ɛ ɔ]
and 2 falling diphthongs [ei ou] that are realized as
monophthongs [e o] respectively after -er suffixation.
It can be seen from the figure that although there is
certain contextual effect by the preceding vowel, the
-er suffixes occupy a central position and all ellipses
extensively overlap with each other in the acoustic
F1/F2 vowel plane.

3.2. The impact of -er suffixation on the preceding
vowel

Unlike in Beijing Mandarin where the process of -er
suffixation triggers resyllabification ([16]), it does
not in Hangzhou. The -er suffix [l̩ ] stands as an
individual syllable, and has a duration comparable to
the preceding syllable in general. Moreover, -er
suffixation obeys general rules of tone sandhi in
Hangzhou. The -er suffix has a citation tone that is
transcribed as [23] according to Chao’s 5-digit tone
letters ([17]). For instance, disyllabic words with -er
suffix undergo tone sandhi according to the rule
applied to the disyllabic words whose second
syllable is the tonal category of [23]. In summary,
unlike in Beijing Mandarin where -er suffix is an
unstressed syllable with a neutral tone, the -er suffix
in Hangzhou is a stressed syllable with a citation
tone.
However, -er suffixation still has impact on the
vowel on the preceding syllable. The most salient
effect is that the two falling diphthongs [ei] and [ou]
are monophthongized under the process of -er
suffixation. Figures 5 and 6 compare the distribution
of Hangzhou vowels with and without -er suffixation
in the acoustic F1/F2 vowel plane. Each ellipse in
Figure 5 is based on 30 data points, and each ellipse
in Figure 6 is based on 60 data points.
Figure 5: 2-sigma ellipses for Hangzhou vowels
with -er suffixation in male (left) and female
speakers (right).

Figure 3: 2-sigma ellipses for the monosyllabic er
(l) ‘son’ and -er (-l) suffix in male (left) and female
speakers (right).

Figure 6: 2-sigma ellipses for Hangzhou vowels
without -er suffixation in male (left) and female
speakers (right).
Figure 4: 2-sigma ellipses for the -er suffixes in
the context of different preceding vowels in male
(left) and female speakers (right).

As can be seen from the figures, the eight
Hangzhou vowels [ɿ ʮ a i u y ɛ ɔ] have a three-way
distinction of height in open CV syllables: high [i y ɿ
ʮ u], mid [ɛ ɔ], and low [a]. But under the
environment of -er suffixation, there is a four-way
distinction of height. That is, the mid-high vowels [e
o] emerge and are contrastive to their mid-low
counterparts [ɛ ɔ]. has its relative independent
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distribution in acoustic plane, while [o] is
overlapped with [u]. But it can also be seen from
Figure 5 that ellipses for [o] and [u] extensively
overlap with each other, especially in female
speakers. That is probably why mid-high vowels
become dynamic in open CV syllables in Hangzhou,
since being dynamic helps to distinguish the midhigh vowels from the neighboring vowels ([18]).
Another salient impact on the preceding vowel
concerns the third formant (F3). It is observed that
the ending part of the preceding vowel with -er
suffixation, especially the non-high vowel, has a
declined F3, as compared to the corresponding plain
vowel without -er suffixation. Table 1 summarizes
mean F3 values on the 70-100% point of the entire
duration for every vowel with and without -er
suffixation. And the results of one-way ANOVAs
yielded significant differences in most cases. The
exceptions are mainly from high or apical vowels.
The F3 lowering of the preceding vowel indicates
the presence of rhoticization and signifies a retroflex
gesture of the -er suffix. That is, the lateral [l̩ ] is a
lateral rhotic. This is why Simmons, a native
American English speaker, described it as a sound
similar to the r-sound, rather than an l-sound in
American English ([11]).
Table 2: One-way ANOVAs for F3 in the paired
vowels with and without -er suffixation.

il
i
ul
u
yl
y
ɿl
ɿ
ɥl
ɥ
al
a
ɛl
ɛ
el
e
ol
o

Male speakers
Mean P-value
2864
0.157
2958
2732
0.0007
3049
2195
0.01
2367
2673
0.007
2909
2777
0.007
3022
2626
0.008
2798
2486
0.015
2605
2404
0.0007
2585
2674
0.004
2950

Female speakers
Mean
P value
3202
<0.0001
3478
3051
0.1
3175
2195
0.11
2759
3227
0.326
3181
3056
0.03
3202
2975
<0.0001
3235
2605
<0.0001
2894
2868
<0.0001
3089
3095
<0.0001
3433

4. CONCLUSION
This paper describes the phonetics and phonology of
the -er suffix and -er suffixation in the Hangzhou
Wu Chinese dialect.
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The palatograms and linguograms confirmed
that the Hangzhou -er suffix is basically a lateral [l̩ ].
Based on the sampled speaker, it is not an alveolar
lateral, but an apical postalveolar lateral. The lateral
has a schwa-like formant structure. And the acoustic
data suggest that the lateral [l̩ ] is also a rhotic
simultaneously, as it triggers vowel rhoticization on
the preceding syllable.
Different to that in Beijing Mandarin, the
morphological process of -er suffixation in
Hangzhou does not result in phonological
resyllabification. And the -er suffix stands as an
individual syllable in the words with -er suffixation.
The -er suffix is neither a weakened syllable, as the
multisyllabic words with -er suffixation obey
general rules of tone sandhi in Hangzhou. However,
the -er suffixation still has impact on the preceding
host syllable. In addition to the rhoticization of the
vowel on the preceding syllable, it is observed that
the two falling diphthongs are monophthongized, [ei
ou] > [e o] respectively, in the environment of -er
suffixation.
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This results in the system shown in Table 1:

ABSTRACT
I reanalyze the Banda-Linda (Ubangian, Central
African Republic) vowel system and present a
preliminary study of the acoustic properties of the
Banda-Linda vowel space. I find that Banda-Linda
has nine vowels /i ɨ̟ ɯ̟ u e ə o a ɔ/ instead of the
previously reported eight vowels. It includes two
high central unrounded vowels /ɨ̟ ɯ̟/ which differ in
degree of backness. I do not transcribe /ɨ̟ / as /ɪ/,
because there is no significant difference in F1
between /i/ and /ɨ̟ /. (A difference in F1 between /i/
and /ɪ/ is typical for ATR or tense/lax contrasts.)
There is also no significant difference in F1 between
/ɨ̟ / and /ɯ̟/. A system with three vowels differing
only in degree of backness calls into question feature
models limited to two-way contrasts.
Keywords: acoustic phonetics, vowel space,
phonological features, Niger-Congo, Ubangian
1. INTRODUCTION
This paper is a reanalysis of the vowel system of
Banda-Linda (ISO 639–3 code = liy), accompanied
by a preliminary assessment of the acoustic
properties of the vowel space. Banda-Linda is an
Ubangian language spoken in eastern Central
African Republic by about 183,000 people [21].
Banda-Linda was previously analyzed as having
an eight-vowel system /i ɨ u e ə o a ɔ/ [2, 3, 5]. This
particular system is rare in the world’s languages
[12] but common in the Banda subgroup of
Ubangian [4, 14, 19]. The system has fewer height
distinctions in front vowels than in back vowels,
contra a universal put forth by Crothers [6].
In my fieldwork on Banda-Linda, the three
language consultants agreed—to my surprise—that
Banda-Linda has not one but two high central
vowels, /ɨ̟ / and /ɯ̟/. Minimal pairs between /i/, /ɨ̟ /,
and /ɯ̟/ are given in (1):
(1)

[kə́lì] ‘to be deep’
[kə́lɨ̟ ]̟̀ ‘to shave’
[kə́lɯ̟̟̀] ‘to be heavy’
[kə́tì] ‘to look, watch’
[kə́tɨ̟ ]̟̀ ‘to peel’
[kə́tɯ̟̟̀] ‘to support’
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Table 1: The Banda-Linda vowel system

high
mid
low

front
i
e

central
ɨ̟ ɯ̟
ə
a

back
u
o
ɔ

This system exhibits the rarity of three high
unrounded vowels that differ in backness [10, 15].
Because of the rarity of this system, I conducted an
acoustic study to examine more closely the
characteristics of the three vowels /i ɨ̟ ɯ̟/. I also
collected video footage to confirm that the three
sounds are unrounded.
2. GENERAL PROCEDURES
2.1. Subject

A 43-year-old male native speaker of Banda-Linda
participated in this experiment. The subject grew up
in Bambari and moved to Bangui permanently at the
age of 39. He has completed a university degree
(licence). Besides Banda-Linda, he also speaks
Sango, French, and Nzakara.
2.2. Procedures

The recording took place at the ACATBA Center
(Association Centrafricaine pour la Traduction de la
Bible et l’Alphabétisation) in Bangui, Central
African Republic. The data were collected in an
office familiar to the subject. The subject was seated
and read prompts on sheets of paper in a
transcription familiar to him.
During the recording session, the author
produced the gloss for each word in French, and
then the subject produced the corresponding word in
Banda-Linda twice.
The audio data were recorded at 48k, 24-bit using
a Zoom H2 recorder, and saved as WAV files. A
video was made of words spoken in isolation that
include the high vowels, using a Samsung Galaxy J3
Pro smart phone.
Other stimuli were interspersed with these to
address a variety of questions, and these sets served
as distractors from each other.

2.3. Analysis

Measurements were made of the first three formants
for each vowel. Formant frequencies were measured
using the following criteria. First, a wide-band
spectrogram of each token was visually inspected to
verify that there was a steady state period of the
vowel. Then the midpoint of the steady state was
visually identified. The window of analysis was
centered on this midpoint.
Formant measurements were made using the LPC
analysis feature in Praat (version 6.0.37) employing
its default parameters, with the exception that
“Maximum formant (Hz)” was set to 5,000 Hz and
“Number of formants” was set to 6.0. The formant
measurements were verified by visual inspection of
a wide-band spectrogram.

mean values of F1 for /ɨ̟ / and /ɯ̟/ are between those
of /i/ and /u/. The mean values of F1 for the four
high vowels are within a 20 Hz range, which
suggests that their categorization as high vowels is
warranted.
Figure 1: F1 vs. F2 plot of the vowels in BandaLinda. Units are Hertz.

3. VOWEL SPACE
I first examined the Banda-Linda vowel space.
Twelve tokens of each vowel were analyzed, most in
an open syllable following an alveolar consonant.
Two tokens of each vowel consisted of the vowel
spoken in isolation. I avoided adjacent nasal
consonants in order to minimize the influence of
nasalization [9]. The mean values of F1, F2, and F3
are shown in Table 2.
Table 2: Mean values of F1, F2, and F3 for each
vowel. Units are Hertz.

vowel
i
ɨ̟
ɯ̟
u
e
ə
o
a
ɔ

F1
277
283
296
297
337
430
368
668
481

F2
2,061
1,873
1,535
886
1,976
1,449
884
1,439
933

F3
2,660
2,427
2,287
2,234
2,504
2,414
2,373
2,392
2,429

Figure 1 shows a plot of F1 vs. F2 [18] created
using the Windows version of the UCLA
PlotFormants program (version 4.0). A vowel
symbol is given for each individual token. The axes
are marked in Hertz, but scaled on the Bark scale,
which reflects the ear’s sensitivity to differences in
pitch [23]. The ellipses are centered on the mean for
each vowel and have radii of two standard
deviations [13]. There is reasonable separation
between most of the vowels, indicating that the
values of F1 and F2 are sufficient acoustic properties
for distinguishing the vowels.
The vowel /i/ has a slightly lower F1 value than
/u/, which is a crosslinguistic tendency [7], and the
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A comparison of F1 means for the high vowels /i
ɨ̟ ɯ̟ u/ using a single factor ANOVA was significant
[F(3,44)=3.324; p<0.05]. Post hoc comparisons
showed significance for two comparisons: /i/ vs. /ɯ̟/
[t(22)=3.46, p<0.01 (one-tailed)], and /i/ vs. /u/
[t(17)=2.69, p<0.01 (one-tailed)]. Other comparisons
between high vowels were not significant, including
the adjacent ones [/i/ vs. /ɨ̟ /: t(17)=0.82, p=0.212
(one-tailed); /ɨ̟ / vs. /ɯ̟/: t(22)= ‒1.65, p=0.057 (onetailed); /ɯ̟/ vs. /u/: t(19)=0.13, p=0.45 (one-tailed)].
F1 is the primary acoustic property distinguishing
/i/ from /ɪ/ in ATR and tense/lax languages that
contrast the two sounds, often differing by more than
100 Hz [22, 18, 11]. Since the difference between
the F1 values of /i/ and /ɨ̟ / is small, to the point of
not differing significantly in my analysis, I do not
transcribe /ɨ̟ / as /ɪ/.
Analyzing a larger number of tokens for each
vowel would likely lead to more post hoc
comparisons showing significance. Regardless, the
small difference in F1 between /i/ and /ɨ̟ / would not
warrant a reanalysis in terms of ATR or tenseness.
Despite the ellipse overlap, a comparison of the
F2 means for the vowels /i ɨ̟ ɯ̟/ using a single factor
ANOVA was very highly significant [F(2,33)=
60.85; p<0.001], as were post hoc comparisons [/i/
vs. /ɨ̟ /: t(16)= ‒5.01, p<0.001 (one-tailed), /ɨ̟ / vs. /ɯ̟/:
t(22)= ‒5.93, p<0.001 (one tailed)].
Also, a comparison of the F3 means for the
vowels /i ɨ̟ ɯ̟/ using a single factor ANOVA was
very highly significant [F(2,33)=46.45, p<0.001],
and post hoc comparisons were significant as well

[/i/ vs. /ɨ̟ /: t(22)= ‒6.34, p<0.001 (one-tailed); /ɨ̟ / vs.
/ɯ̟/: t(22)= ‒3.46, p<0.01 (one-tailed)].
The mean values of F2 for /ɨ̟ ɯ̟/ in Banda-Linda
are much greater than the typical values of F2 for the
vowels /ɨ ɯ/ in general [20]. This is why I transcribe
these two sounds using the advanced diacritic [˖] and
consider /ɯ̟/ to be central rather than back. That
being said, the vowel system would still have three
high unrounded vowels if /ɯ̟/ were construed as
being back rather than central.
In summary, the values of F2 and F3 serve to
distinguish the vowels /i ɨ̟ ɯ̟/, mostly at the level of
very high significance. The F1 values of /ɨ̟ ɯ̟/ vis-àvis /i u/ provide support for their categorization as
high vowels.
4. LIP POSITION
Another parameter that can distinguish vowels is lip
rounding. Videos were made of lip configurations of
the high vowels in order to determine if rounding or
degree of aperture contributed to the acoustic
qualities of the vowels. The subject produced a
series of verbs containing each high vowel with a
preceding alveolar plosive. The verbs were produced
in isolation.
Video frames showing the production of each
high vowel are given in Figure 2. The front vowel /i/
and the central vowels /ɨ̟ ɯ̟/ all have nearly the same
lip configuration. In the horizontal dimension, the
mouth corners appear to be the same distance apart
for /i/, /ɨ̟ /, and /ɯ̟/. In contrast, /u/ is clearly rounded,
with the mouth corners brought closer together in
the horizontal dimension. In the vertical dimension,
the aperture for /ɯ̟/ appears to be slightly narrower
than for /i/ and /ɨ̟ /. A more detailed study would be
necessary to determine if this difference is
significant.
Figure 2: Representative images of lip position for
the vowels /i ɨ̟ ɯ̟ u/.

ɨ̟

ɯ̟

I

u
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5. DISCUSSION
To recap, the vowels /i ɨ̟ ɯ̟/ all have very similar F1
values, and their values of F2 and F3 decrease as one
moves from left to right on the vowel chart. In
addition, their lip configurations are nearly identical,
showing no signs of rounding. This all supports the
view that the three vowels should be classified as
high and unrounded, and that they exhibit a threeway contrast in degree of backness.
Duanmu [8] proposes a phonological feature
theory in which he claims a two-way contrast for
each feature is sufficient for distinguishing all
known phonemic contrasts. As an example, he
discusses the case of Nimboran (ISO = nir), which
has a putative three-way contrast between /i/, /ɨ/, and
/ɯ/ [1, 10, 11]. He dismisses this particular case
because of the possibility that /ɨ/ and /ɯ/ may differ
in tenseness. For Banda-Linda, the small difference
in the mean values of F1 between the phonemes /ɨ̟ /
and /ɯ̟/ (13 Hz) suggests that the distinction
between the two vowels should not be attributed to
tenseness.
Bora (ISO = boa) is another case that calls into
question Duanmu’s claim [15, 16, 17]. Bora has
three high unrounded vowels transcribed as /i ɨ ɯ/,
but no high rounded vowel /u/. Acoustically, /ɨ/ and
/ɯ/ are clearly high vowels, and the values of F2 and
F3 decrease for the high vowels as one moves from
left to right on the vowel chart. One acoustic
difference is that the formant peaks for /ɯ/ are less
prominent than those for /i/ and /ɨ/. Articulatorily, /ɨ/
exhibits lingual-dental contact.
The evidence from Banda-Linda thus adds to the
growing body of literature that shows that three-way
distinctions in certain features may be necessary to
model phonological systems accurately.
This study is preliminary. First, I have provided
data from only one subject. A larger number of
subjects would likely more accurately reflect the
speech community at large. Ladefoged [9] suggests
testing a half-dozen speakers of each sex.
Second, other parameters could be examined.
While my acoustic study provides support for the
absence of tenseness or tongue root movement as
features in Banda-Linda, this could be bolstered by
an imaging study (e.g. ultrasound) to add further
verification. While length is not contrastive in
Banda-Linda, an examination of that parameter
could rule it out as a factor. A more rigorous study
of lip position could be informative. Finally, other
acoustic factors could be examined, including
formant prominence and bandwidth.
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ABSTRACT1
It is generally accepted that the vowel system of
Spanish consists of five phonological units, two of
them /i/ and /u/, and that [j] and [w] are their gliding
variants, present in diphthongs. This account faces
challenges, however, when the articulation of the
orthographic sequences “hi” plus vowel –as in hielo
(ice)– and “hu” plus vowel –as in huevo (egg)– are
considered. The first phonetic element of these
sequences displays a wide range of realizations,
which, along with a limited contextual distribution,
makes it difficult to determine whether they are best
interpreted as phonetic variants from phonological
vowels or consonants. This study uses quantitative
methods to compare the realizations from the
aforementioned orthographic sequences to similar
vocalic and consonantal structures. Although
alternative analyses are also plausible, we conclude
that, for Chilean Spanish, these units are better
interpreted as variants from two new independent
phonological units /w/ and /j/.
Keywords: “hi” and “hu” plus vowel, glides,
approximants, Chilean Spanish
1. INTRODUCTION
Spanish glides such as [j] and [w] occur in rising and
falling diphthongs in words such as piano [ˈpja.no]
(piano), coima [ˈkoj.ma] (bribe), puerta [ˈpwer.t ta]
(door) and flauta [ˈflaw.t ta] (flute) [6]. Although
there are some discrepancies regarding whether it is
relevant to represent these units differently in rising
and falling diphthongs (e.g., [12]), the fact that they
are the sole non-syllabic allophones from /i/ and /u/
is generally an uncontested assumption. One notable
exception, however, can be found in words
beginning with the orthographic sequence “hi” plus
vowel, as in the words hielo (ice) and hierba (grass),
and in “hu” plus vowel sequences, as in huevo (egg)
and hueso (bone). These gliding compounds are
interesting for several reasons. Firstly, it is not clear
whether the pre-nuclear elements in these sequences
are consistently articulated as vocoids, contoids, or
both, or if variables such as phonetic context are
sufficient to explain the observed variability [2].
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Secondly, given the aforementioned, it is not clear
whether they ought to be analysed as members of the
phonological vowels /i/ and /u/ or as allophones of /
g/ and /ʝ/ʝ , present in words like gato [ˈga.t to] (cat)
and lluvia [ˈʝuʝ .βʝja] (rain) [5]. Finally, it is also of
interest that these structures are being flagged
orthographically with “h”, a grapheme that normally
has no phonetic value in Spanish –in words such as
hoja [ˈo.xa] (leaf) or herrero [e.ˈre.ɾo] (blacksmith).
Moreover, there are cases of similar sequences
spelled without “h” –although all of them are low
frequency words– such as ion (ion), iodo (iodine)
and iota (iota), and their derivates.
Recent studies of non-peninsular Spanish have
shown that, in the Costa Rican variety, both “hi/hu”
plus vowel sequences are articulated predominantly
using gliding vocoids (although some contoids were
found for “hu”); these findings were interpreted as
indicating that the first elements of these sequences
were allophones of the high vowels /i/ and /u/ [5]. In
the case of Chilean Spanish, the variant examined
here, [j] and [w] have been identified as allophones
of /i/ and /u/, respectively [4]. More recently,
however, some studies have included /w/ as an
independent phonemic unit, separate from /u/, but no
empirical evidence was provided to sustain this
claim [19]. The first and only study that has
specifically addressed this topic in Chilean Spanish
looked at “hu” plus vowel and determined that the
opening element was [g], [ɣ], [ɣ]ʝ or [w], with the
approximant [ɣʝ] being more frequent [1].
This study sets out to provide the first quantitative
evidence aimed at determining the nature of the
sounds articulated in the orthographic sequences
“hi” and “hu” plus vowel in Chilean Spanish. In
order to do so, a large number of instances were
identified and annotated, while analysing a number
of their acoustic properties and subsequently
comparing them via statistical analyses to those of
raising diphthongs and to CV consonant plus vowel
syllables, in order to determine whether the opening
sounds articulated in “hi/hu” are more closely
related to vocoids or to contoids. The results will be
discussed in the light of their relevance to our
understanding of (a) the functional and phonetic
nature of vowels, diphthongs and consonants, (b) the

place of glides in syllabic structures, and (c) the
status of CV syllables as an unmarked and
typologically universal unit.
2. METHODS
2.1. Participants, elicitation tasks and recordings
The corpus consists of recordings of 64 participants
–half female, half male– recruited in 8 Chilean
cities, representing all major geographical areas of
the country. Participants were all between 18 and 35
years of age, monolingual speakers of Chilean
Spanish, and none had completed their secondary
education. Participants had to read 28 sentences
aloud, of which 24 contained one or more words
with “hi/hu” plus vowel, in a variety of phonetic
contexts. The sentences also contained a large
number of rising diphthongs and CV syllables
starting with /ʝ/ʝ and /g/ (the first one is articulated
most often as and approximant, but sometimes as a
voiced affricate; the second one can be articulated as
a voiced plosive or as an approximant). Speech was
recorded in sound-treated rooms, using Sennheiser
EW-152-G3 head-mounted microphones, whose
signals were sent to Tascam DR-40 digital recorders,
set at a sampling rate of 44100 Hz and a 24 bit
depth, in WAV mono format.

intensity differences –subtracting the minimum
intensity to the maximum–, which have been
suggested as good acoustic correlates of degree of
constriction, and assumed to be lower in vocoids and
higher in contoids [13, 15]. An example of the
annotation and of the intensity landmarks can be
seen in Figure 1.
Figure 1: Waveform, spectrogram, intensity
contour and TextGrid annotation of the utterance
varios huasos (“several farmers”), containing two
instances of the target structures. The tiers, from
top to bottom, encode: (1) utterance transliteration;
(2) segments, in SAMPA; (3) constriction class,
that is, whether the token is a diphthong, an
orthographic “hi/hu” plus vowel sequence, or a CV
structure; (4) position, i.e., whether the first
element of the token begins with an anterior or
posterior segment; (5) stress; and (6) preceding
phonetic context. In the intensity contour of both
tokens, the minimum and maximum intensity
values have been identified with circles.

2.2. Annotation and data extraction
The audio signals were transliterated and timealigned at the utterance level in TextGrids from
Praat [3], and the corpus was then pre-processed
using EasyAlign, to automatically obtain word,
syllable and segment boundaries [11]. Following this
process, the entire corpus was manually corrected,
via auditory and spectrographic inspections of the
signals. All instances of rising diphthongs (i.e., [ja],
[je], [jo], [ju], [wa], [we], [wi], [wo]), of the
orthographic sequences “hi” and “hu” plus vowel
(e.g., the underlined sections of hierba “grass” or
huevo “egg”), and of all instances of /ʝ/ʝ and /g/ and
their following vowels, were identified and coded in
a separate tier, as well as information about
preceding phonetic context and whether the
structures were located in a stressed or unstressed
syllable. In the case of the “hi” plus vowel and “hu”
plus vowel sequences, manner of articulation of the
opening segment was also registered. The data was
then extracted using Praat scripts, which also
measured the minimum and maximum intensity
values found in the durational space of each token,
using intensity objects created separately for each
speaker with default values. These acoustic
measurements were used to calculate normalized
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2.2. Data, variables and levels
The resulting corpus comprised 8962 tokens. Of
these, 3790 instances were rising diphthongs (42%)
–referred to from here on as “diphthongs”–, 2426
instances were “hi” or “hu” sequences followed by
vowel (27%) –henceforth, “sequences”–, and 2746
were instances of /g/ or /ʝ/ʝ followed by vowel (31%)
–subsequently, “consonants”. These three levels –
diphthongs, sequences and consonants– were
grouped under the variable constriction class. For
the specific case of sequences, Table 1 summarizes
the manner of articulation found on the opening
element. As the table shows, approximant
realizations and affricate segments with approximant
release predominate in both categories. Regarding
place of articulation, in total, 4648 instances were

categorized as belonging to the “anterior” group
(52%), that is, instances that begin with [j], “hi-” or /
ʝ/ʝ , and 4304 instances to the “posterior” group
(48%), which begin with [w], “hu-” or /g/. These
two levels –anterior and posterior– were grouped
under the variable position. For reasons of space, the
variables stress and preceding phonetic context will
not be included in subsequent statistical analyses,
but their importance will be addressed briefly in the
discussion.
Table 1: Percentages and IPA transcriptions of
manners of articulation of the first element of “hi”
plus vowel and “hu” plus vowel sequences,
ordered by approximate degree of constriction.
Manner of articulation

“hi” sequences
%

Plosive

IPA

%

0%

Fricative

“hu” sequences
IPA

17.0%

[g]
[ɣ]

0.8%

[ʝ]

5.7%

9.6%

[d͡ʒ]

0%

Affricate 2 (approximant release)

34.4%

[ɟ͡ʝ]ʝ

0%

Approximant

43.8%

[ʝ]ʝ

76.7%

[ɣ]ʝ

Glide

11.4%

[j]

0.6%

[w]

100%

---

100%

---

Affricate 1 (fricative release)

Total:

3. ANALYSES
Data was imported into R [16], where a linear mixed
model was built to evaluate the effects of the
variables constriction class and position (and their
interaction) on the dependent variable intensity
differences. The model was created using the lmer
function from the lmerTest package [14]. The
variable participant was also included as a random
factor. Following [8], a stepwise procedure was used
to build the models: first, a null model with only the
dependent variable and the random factor was fitted,
and then the independent variables and their
interaction were included one by one and retained
only when they significantly improved the model, as
judged by an analysis of variance function (anova).
Type-II analyses of variance tables for the fixed
factors and interactions of each model were
produced via the Anova function in the car package
[10] and using the ranova function from lmerTest.
The best fit mixed-effects model for intensity
differences is shown in Table 2. According to this
model, there is a main effect for constriction class
(χ2 (2) = 3918.085, p < 0.001) and position (χ2 (1) =
26.198, p < 0.001), and a significant interaction
between these two variables (χ 2 (2) = 17.521, p <
0.001). The data driving these effects and the
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interaction can be observed in the left panel of
Figure 2. As the model shows, instances of
diphthongs (x̅ = 6.36, σ = 4.4) and consonants (x̅ =
15.83, σ = 10.02) display significantly smaller
intensity differences than orthographic sequences (x̅
= 17.94, σ = 9.88). However, both the sizes of the
coefficients and of the t statistics –see Table 2–
suggest that the differences between diphthongs and
sequences are considerably higher than those
between consonants and sequences. In other words,
sequences seem to be more closely related
acoustically to consonants than to diphthongs.
Regarding position, although a main effect was
detected, suggesting differences between anterior
and posterior realizations (see right-hand panel of
Figure 2), this effect was greatly diluted when the
data of constriction class was taken into account
(see left panel of Figure 2). Finally, regarding the
interaction between constriction class and position,
the difference between the levels anterior (x̅ = 6.58,
σ = 4.87) and posterior (x̅ = 5.95, σ = 3.3) is not
significant when diphthongs are compared to
sequences, but it is when anterior (x̅ = 17, σ = 10.68)
and posterior (x̅ = 15.09, σ = 9.51) tokens from
consonants are compared to orthographic sequences,
most likely due to a larger difference between
anterior and posterior tokens in consonants than in
diphthongs.
Table 2: Best fit mixed-effects model for intensity
differences, including constriction class and
position as main factors, and participant as a
random factor.
Fixed Factors

Coefficient

Standard
Error

t-value

p-value

Intercept

18.0009

0.3266

55.119

< 0.001

Constriction class
Sequence

(ref. level)

Diphthong

-11.4253

0.2829

-40.380

< 0.001

Consonant

-1.0001

0.3362

-2.975

< 0.01

0.3203

-0.373

= 0.70890

Position
Anterior

(ref. level)

Posterior

-0.1196

Constriction class *
Position
Sequence /
Anterior

(reference
level)

Diphthong /
Posterior

-0.5078

0.4176

-1.216

= 0.22402

Consonant /
Posterior

-1.7820

0.4444

-4.010

< 0.001

Random Factors

Loglikelihood

Degrees of Likelihood p-value
Freedom
ratio test
statistic

Participant

-31428

1

320.68

< 0.001

Figure 2: Left-hand panel: box plots of intensity
differences by the variables position (“diph” =
diphthongs; “seq” = sequences; “cons” =
consonants) and constriction class (“a” = anterior;
“p” = posterior). Right-hand panel: box plots of
intensity differences by constriction class.

Of course, this interpretation is not without its
drawbacks. For example, it creates some overlap
between the realizations of /j/ and /w/ with those of /
ʝ/ʝ and /g/ (respectively), which in turn probably
requires representing /ʝ/ʝ as /ɟ͡ʝ/ʝ (as we did above), and
perhaps vocalic glides as [i i] and [ui].
Figure 3: Left-hand panel: box plots of intensity
differences of “hi” and “hu” plus vowel sequences
by stress (“0” = unstressed; “1” = stressed). Righthand panel: box plots of intensity differences of
“hi” and “hu” plus vowel sequences by phonetic
context (“p” = following pauses; “n” = nasals; “v”
= vowels; “o” = others).

4. DISCUSSION
As mentioned earlier, the acoustic and qualitative
evidence (see Table 1) shows that the opening
segments of “hi” and “hu” plus vowel sequences are
more closely related to contoids such as those found
in syllables starting with /ʝ/ʝ and /g/, than to glides.
We believe that this fact, along with the arguments
to follow, allow these segments to be interpreted as
belonging to functionally independent units,
different from /i/ and /u/, but also from /ɟ͡ʝ/ʝ –notice,
not /ʝ/ʝ – and /g/. This is so, firstly, because it
adequately explains the contrast between words such
as llena (“he/she fills” or “filled”), in which mostly
non-aproximant contoids have been observed in the
past [7], and hiena (“hyena”), in which
approximants predominate. Secondly, it explains the
spelling that native Chilean Spanish speakers use
intuitively to represent swear-words such as huevón,
written informally as weón, but virtually never as
*güeón or *ueón. Third, from a systemic standpoint,
the fact that these segments are articulated more
often as approximants is consistent with a general
tendency towards lenition in the consonant system of
Chilean Spanish, for which there is mounting
evidence (e.g., [9], [17], [18]). Fourthly, it allows to
restrict a definition of diphthong to tautosyllabic
sequences comprising exclusively vocoids. Finally,
it makes it possible to assign the realization of these
sequences to typologically unmarked CV syllables,
instead of VV ones.
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Regarding some projections, although this study has
provided empirical evidence showing that position
and constriction class have an effect in the phonetic
realizations of the segments in discussion, several
other variables such as stress, phonetic context,
position in word and vowel identity ought to be taken
into consideration in future and more complex
incursions on the subject, since it is very likely that
they also have a role explaining the realizations of
“hi” and “hu” followed by vowel (for preliminary
evidence regarding the first two variables, see Figure
3).
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ABSTRACT
The present study had two aims: To examine how
well two measures of perceived similarity of L2
sounds (perceptual assimilation and graded
discrimination) predict identification accuracy for
nonnative consonants, and to examine how L2
experience affects these measures and identification
accuracy. Two groups of native Danish listeners
differing in English language experience participated.
Experiment 1 examined the perceptual assimilation of
English initial fricatives to Danish categories,
Experiment 2 examined how similar the participants
perceived English fricative pairs to be. The results
from these experiments generated predictions for the
identification accuracy of English fricatives, which
were examined in Experiment 3.
Results revealed, in general, the expected effect of
L2 experience on all three perceptual measures.
Perceived dissimilarity and perceptual assimilation
predicted identification accuracy equally well, with
one important exception where both measures failed.
We discuss whether dissimilarity ratings could
replace perceptual assimilation tasks in studies aimed
at predicting L2 identification accuracy.
Keywords: L2 speech perception,
assimilation, effect of L2 experience

perceptual

1. INTRODUCTION
The two most widely used models of L2 speech, the
Speech Learning Model (SLM) [6] and the Perceptual
Assimilation Model for L2 (PAM-L2) [2], predict
that perception and production problems for
nonnative sounds are due to how L2 sounds
perceptually map onto native categories. These
models also predict that L2 experience will affect
how L2 sounds are perceptually assimilated to L1
categories, which in turn affects their learnability.
SLM and the precursor of PAM-L2, PAM [1],
were originally designed with different aims: SLM
predicts ultimate production accuracy of individual
L2 sounds, and PAM predicts discrimination levels
for nonnative contrasts. However, both models have
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also been extended to test predictions for other
aspects of L2 speech learning. For example,
predictions inspired by SLM were examined in
studies of L2 identification [5] and discrimination [8],
and PAM predictions were tested in studies of L2
identification [4] and production accuracy [7].
The aims of the present study were twofold: First,
we wanted to examine whether two measures of
perceived similarity of L2 sounds, perceptual
assimilation and within-L2 graded discrimination,
can successfully predict L2 identification. Perceptual
assimilation patterns have frequently been used to
predict L2 discrimination and production, and they
have also been used to predict the identification of
stimuli from synthetic continua [4], but they have
rarely been used to predict the identification of a
whole set or subset of L2 segments [9]. Second, this
study examines the effect of L2 experience on the
perceptual assimilation, the graded discrimination,
and the identification of L2 sounds. We asked not
only whether identification patterns change as a
function of L2 experience, but also whether one of the
measures, perceptual assimilation or graded
discrimination, is more sensitive to L2 experience.
We pursued these questions by examining L1
Danish listeners’ perception of English fricatives. An
earlier study [9] had revealed that the identification
accuracy of Danish listeners for English syllableinitial consonants was quite high for approximants (%
correct rates 84.2 to 100) and stops (% correct rates
97.5 to 100), but comparatively low for fricatives (%
correct rates 68.1 to 89.2). Table 1 compares the
inventories of initial fricatives in English and Danish.
English has eight fricatives at four places of
articulation with voicing contrasts at all four places.
Danish has only three fricatives, all of which are
voiceless. Table 1 also lists the Danish labiodental
approximant [ʋ], but not the Danish dental
approximant [ð̞ ], which only occurs in postvocalic
position. Table 1 shows that English and Danish have
[f, s] in common. English has a voiced labiodental
fricative, whereas Danish has a voiced labiodental
approximant, and the postalveolar voiceless fricative
is produced with a larger anterior cavity in English
than in Danish, due to lip rounding and a more

retracted tongue position for English [ʃ] than for
Danish [ɕ].
Table 1: Comparison of English and Danish
fricative inventories (initial position).

English

f

Danish

f

θ

v
ʋ

ð

s

z

s

ʃ

ʒ
ɕ

2. GENERAL METHODS
We report experiments in which L1 Danish listeners
were presented with [Cɑ] syllables in which the initial
consonant was one of the eight English fricatives
listed in Table 1, or one of the English approximants
[w, j, r, ɫ] or affricates [ʧ, ʤ]. Only the results from
the perception of the fricatives will be reported here.
The stimuli were taken from a corpus of English
[Cɑ] syllables made available by [10]. We selected
three tokens each from two male L1 American
English speakers in which [C] was one of the 14 EN
consonants [f, v, θ, ð, s, z, ʃ, ʒ, w, j, r, l, tʃ, dʒ].
Two groups of L1 Danish listeners participated:
An “inexperienced” group who had not spent more
than one month in an English speaking country (n =
16, 13f, M age: 28.1 (SD=2.6), and an “experienced”
group which had spent a mean of 10.4 months
(SD=19.4) in an English-speaking country (n = 12, 9f,
M age: 28.5 (SD=3.5).
The experiments reported below were conducted
either in a sound attenuated booth at Aarhus
University or in a quiet environment at participants’
homes. Experiments were run using praat [3] from a
PC laptop with high quality headphones.

3.2 Results and discussion
Table 2 presents the results of the perceptual
assimilation task for inexperienced (IN) and
experienced (EX) Danish listeners. Following [8], the
categorical assimilations and the graded goodness
ratings are combined into a fit index, which is derived
from multiplying the proportion of assimilations to a
particular Danish category with the goodness of fit
rating for this assimilation. Thus, the perfect fit would
be quantified as 8.0 (proportion of assimilation = 1.0
x highest goodness rating = 8).
Table 2: Mean fit indices (see text) for English [Ca]
tokens. Top of cell: Inexperienced listeners; bottom
of cell: Experienced listeners. “No fit” responses

are given in percentages.
English
stimuli
f
v
θ
ð
s
z
ʃ
ʒ

3. EXPERIMENT 1
3.1 Methods
Experiment 1 examined the perceptual assimilation of
the eight English fricatives to Danish. A screen
display presented listeners with 11 orthographic
Danish response alternatives f, v, s, sj, l, j, r, tj, dj, j,
w plus an Intet match (“no fit”) button. The
alternatives correspond unambiguously to the Danish
consonants /f, v, s, ɕ, l, j, r, tj, dj, w, 1/. Participants
were instructed to first click on the Danish letter
which was the best match for the English consonant,
and then rate the goodness of fit of the English
stimulus to the chosen Danish category on a 9-point
Likert scale, ranging from 0 (dårlig “bad”) to 8 (god
“good”). Participants responded to 84 trials (14
English consonants x 2 talkers x 3 tokens) with an ITI
of 0.5 seconds.
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Danish response (and rating)
f
ʋ
s
ɕ
dj
w
7.2
6.8
3.8
2.3
5.5
6.1
3.3
0.9

No fit

40.3%
33.0%
93.1%

6.5
6.5
5.3
2.3
6.5
5.2
2.8
3.5

1.0

Table 2 shows that IN and EX differ considerably
in their assimilation patterns for [θ, v, ð, z, ʒ] but not
much for [f, s, ʃ]. Both groups are expected to identify
[f, s, ʃ] highly accurately because they fit Danish
counterparts very well. EX assimilate English [v]
uniquely and with a good fit to Danish /ʋ/, but IN
assimilate [v] to both Danish /ʋ/ and /w/, which
should be reflected in lower identification accuracy
for IN than EX. A clear difference in identification
accuracy is expected for [θ], which IN perceive to
have nearly the same fit to Danish /f/ as English [f],
suggesting low identification accuracy, whereas EX
perceive a poor fit to Danish /f/ or no fit at all. The
assimilations for English [ð] suggest that both IN and
EX will identify [ð] quite accurately because it does
not fit well (IN) or at all (EX) with any Danish
category. The difference between the perceived fit of
English [z] to Danish /s/ between IN (good fit) and
EX (poor fit) suggests EX will identify [z] more

accurately than IN. Surprisingly, IN perceive a poorer
fit of English [ʒ] to Danish /ɕ/ than EX, which could
suggest higher identification accuracy for IN than
EX.

identification accuracy for [z], and higher ratings
predicting more accurate identification by EX. The
very similar and quite low dissimilarity ratings for [ʃʒ] by both groups suggest that both IN and EX will
have problems identifying [ʒ] correctly.

4. EXPERIMENT 2
5. EXPERIMENT 3
4.1 Methods

Experiment 2 examined the graded discrimination of
selected English consonant pairs. Listeners rated the
dissimilarity of the pairs of interest, [f-θ], [v-f], [s-z],
[ʃ-ʒ], [v-w], presented six times each, as well as [wʃ], [w-ʒ], w-θ], and [w-ð] and nine type-identical pairs
(e.g., [f-f]), each presented only once. The [Ca]
tokens in each pair were always from different talkers
and presented with in ISI of 0.8 seconds. Participants
rated the degree of perceived similarity of each
randomly presented pair on a 9-point Likert scale
ranging from 0 (ens “identical”) to 8 (meget
forskellige “very different”).
4.2 Results and discussion

fricative pairs by inexperienced (top of cell) and
experienced (bottom of cell) listeners (range: 0 -8).

ð-v
s-z
ʃ-ʒ

θ-f

Dissimilarity
rating
1.5
2.5
4.6
5.3
1.5
2.9
2.2
2.3

The dissimilarity rating yield the following
predictions for identification accuracy: EX should
outperform IN for [θ], but the low dissimilarity
ratings by EX for [f-θ] predict reduced accuracy. The
high dissimilarity ratings for [ð-v] by both IN and EX
predict fairly accurate identification for both groups,
with slightly higher accuracy for EX than IN. The two
groups differ greatly in their ratings for [s-z], with
low dissimilarity ratings by IN predicting low
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Fit index
difference
1.1
3.5

ð-v

NA

s-z

1.2
4.2
3.7
1.7

ʃ-ʒ

Table 3: Mean dissimilarity ratings of four English

θ-f

Table 4: Fit index differences (see text) and mean
dissimilarity ratings of four English fricative pairs.
Top of cell: Inexperienced listeners, bottom of cell:
Experienced listeners. (NA because of large
percentage of “no fit” responses.)

English
fricatives

Table 3 lists the dissimilarity ratings for the four
contrasts of interest. The EX listeners rate all four
contrasts as more dissimilar than the IN listeners, but
the effect of experience is different for the four
contrasts. Table 3 suggests that English language
experience increases the sensitivity to [s-z] and also
to [θ-f] most, less so to [ð-v], and hardly to [ʃ-ʒ].

English
fricatives

Experiment 3 tested the predictions for identification
accuracy derived from the perceptual assimilation
and the dissimilarity ratings experiments. To allow
for direct comparison, Table 4 lists the dissimilarity
ratings next to differences in the fit indices for the
contrasts of interest. For example, the difference in fit
of English [θ-f] to Danish /f/ is (7.2-6.1=) 1.1 for IN,
and (6.8-3.3=) 3.5 for EX.

Dissimilarity
rating
1.5
2.5
4.6
5.3
1.5
2.9
2.2
2.3

Table 4 suggests that the predictions for
identification accuracy from two different tasks
(perceptual assimilation and dissimilarity rating) are
very much the same for three of the four contrasts of
interest. Both measures predict problems for IN in
identifying English [θ] and [z] because they are
perceived to be quite similar to [f] and [s],
respectively, and because the difference in fit of
English [θ-f] and [s-z] to a native Danish category is
very small. The two measures also agree for English
[ð-v], which both listener groups perceive to be quite
different, and where [ð] is not perceived to fit any
native category. The predictions differ, however, for
[ʃ-ʒ], where the dissimilarity ratings suggest almost
no difference in identification accuracy for IN and
EX, but the differences in fit indices should make it
easier for IN than EX to identify these fricatives
correctly.
These predictions were tested in Experiment 3,
which examined the identification of English [f, v, θ,
ð, s, z, ʃ, ʒ, w, j, r, l, tʃ, dʒ]. Only the results for the
fricatives will be reported.

5.1 Methods
A screen display presented the listeners with 14
orthographic English response alternatives, some of
which were given as keywords to disambiguate
alternatives, i.e., f, v, them, think, s, z, sh, genre, ch,
jar, w, r, l, y. After familiarization, participants
responded to 84 trials (14 English consonants x 2
talkers x 3 tokens) with an ITI of 0.5 seconds.
5.2 Results and discussion
Table 5 presents the identification matrix for the IN
and EX listeners. The EX group was more accurate
than IN for almost all fricatives, with the interesting
and unexpected exception of [f], a consonant shared
by English and Danish, where IN outperformed EX.
We suggest that awareness of a difference between [f]
and [θ], which is nearly absent in IN and not fully
evident in EX, causes uncertainty on the part of EX.
Table 5: Mean percent identification of English
/Ca/ tokens by inexperienced (top of cell) and
experienced (bottom of cell) listeners. (IN also
identified as [v] as /w/ (41.7 %), and [ʒ] as /dʒ/
(27.1%).)

f
v
f 95.8
87.5
v
57.3
87.5
θ 72.9
23.6
ð
s
z
ʃ
ʒ

θ

Response
ð
s

z

ʃ

ʒ

11.1

21.9
68.0
11.5 71.9
91.7
63.6 31.3
90.3 8.3
35.4 54.2
8.3 90.3
62.5 25.0
88.9 5.6
26.1 36.5
19.4 80.6

The results of Experiment 1 and 2 predicted
correctly that IN would not identify [θ] correctly,
labeling it mostly as /f/. As expected, EX identified
[θ] more correctly than IN, but accuracy was still
reduced, which is more in line with the low
dissimilarity ratings than the large fit index difference
for [f-θ]. Both listener groups identify [ð] fairly (IN)
or very (EX) accurately, which is well predicted by
both the assimilation and dissimilarity ratings for [ð]
and [v]. (The low accuracy of IN for [v] is due
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misidentifications of [w] as /v/, which is not the focus
here.) The effect of experience, which was evident in
assimilations and dissimilarity ratings for [s] and [z],
is reflected in the identification accuracy for these
fricatives, which is low for IN and high for EX.
The one surprising result is for [ʃ, ʒ], where the
assimilations lead to the counterintuitive expectation
that IN would identify these fricatives more
accurately than EX, and where the dissimilarity
ratings suggested almost no difference between IN
and EX. Contrary to the expectations generated by
Experiment 1 and 2, EX identified both [ʃ] and [ʒ]
highly accurately, whereas IN did not. No explanation
can currently be offered for why the effect of
experience is reflected only in identification
accuracy, but not in the assimilation or dissimilarity
ratings of [ʃ] and [ʒ].
6. CONCLUSION
The most important finding of the present study is that
both
perceptual
assimilation
and
graded
discrimination predict identification accuracy nearly
equally well. The effect of English language
experience was evident in all three experiments, with
experienced listeners (EX) exhibiting assimilations
and graded discriminations that revealed (in most
cases) heightened sensitivity towards English
fricatives compared to the inexperienced (IN)
listeners. Heightened sensitivity, when evident, was
clearly reflected in more accurate identifications.
However, the results for [ʃ] and [ʒ] do not fit this
overall pattern: Surprisingly, the perceptual
assimilations indicated that IN perceived a larger
difference between [ʃ] and [ʒ] than EX, which should
aid IN in identifying [ʃ] and [ʒ] correctly. That was
not the case. Contrary to the expectations generated
by the assimilations, EX identified [ʃ] and [ʒ] more
correctly than IN. The identification results are
somewhat more in line with the graded
discriminations, where EX rated [ʃ] and [ʒ] as slightly
more different than IN.
Keeping in mind that neither assimilations nor
graded discriminations predicted identification of [ʃ]
and [ʒ] well, a tentative conclusion from the present
study is that dissimilarity ratings are at least as good
as perceptual assimilation tasks in predicting
identification accuracy. Because previous studies
using perceptual assimilation tasks encountered
problems when they had to require the use of
ambiguous orthographic labels [11], we suggest that
future studies consider the potential of dissimilarity
ratings (which require no labels) replacing perceptual
assimilation tasks as predictors of identification
accuracy.
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/b, p, pʰ, p’/, /d, t, tʰ, t’/, /dz, ts, tsʰ, ts’/, /dʒ, tʃ, tʃʰ, tʃ’/,
and /dʑ, tɕ, tɕʰ, tɕ’/.
Previous research on the segmental phonetics of
Circassian languages and dialects includes data discussed in [18, 2, 5, 8, 6, 14, 22, 9, 1, 21]; a systematic
description of the acoustic properties of the quaternary phonation system in Bzhedugh, however, is still
missing. Against this background, this study seeks
to provide an overview of the most relevant acoustic
features associated with the four phonation types for
a representative subset of the consonant system.

ABSTRACT
This paper explores the acoustic properties of the
four-way phonation contrast in Bzhedugh, an underdescribed dialect of Adyghe (Northwest Caucasian).
As opposed to most other Northwest Caucasian varieties, Bzhedugh Adyghe exhibits a quaternary system of stops and affricates. We scrutinize durational
and spectral measures for each of the four phonation
types /D, T, Tʰ, T’/. Results indicate that VOT is crucial for distinguishing /D, T, Tʰ/, while voice quality,
spectral energy and vowel duration are the principal
acoustic cues of ejectives. Voicing, post-burst frication and glottal pulses are retained in word-final position, making the quaternary system robust across
different environments. Bzhedugh unaspirated consonants differ considerably from unaspirated fortis
and geminate sounds found in Northeast Caucasian
languages.

2. METHODOLOGY
The data analyzed in this pilot study were recorded in
2014 during a field trip to the village of Vochepshiy
(а. Вочепший) located in the Teuchezhsky district of
Adygeya in Russia. One female adult native speaker
of Bzhedugh Adyghe was recorded in a classroom at
a local school. The speaker was asked to read out
loud the carrier phrase in (1) followed by three repetitions of the target word (“XXX”).

Keywords: Caucasian languages, Adyghe, VOT,
phonation, ejectives

(1)

1. INTRODUCTION
The Bzhedugh (alternative spelling: Bzhedug) dialect of Adyghe (Northwest Caucasian, Circassian)
is spoken in around 20 to 30 villages in the Teuchezhsky district and neighboring districts of the Republic of Adygea in Russia [13, 22]. With a total of 66
consonant phonemes, Bzhedugh attests the largest
sound inventory of all varieties of Adyghe [23].
The reasons for this lie in the distinction of several places of articulation, secondary labialization,
and a four-way phonation contrast for a considerable percentage of the stops and affricates. This quaternary system represents an archaic trait of ProtoCircassian that has been simplified to a ternary one in
all other contemporary Circassian varieties but Shapsugh [8, 7, 12]. The four types of phonation distinguished in Bzhedugh are voiced, voiceless unaspirated, voiceless aspirated, and ejective. While some
consonants show only a ternary (/ẑ, ŝ, ŝ’/), a binary (/q, qʰ/), or no phonation contrast at all (/ħ/),
the following series have the full four-way contrast:

nafsetʰ gʷəɕʰaʔew XXX ɕe
qəʔʷaʁ
N.
word
XXX three:times said
‘Nafset said XXX three times.’

Two positional contexts were tested: words containing the target sounds in word-initial position followed by /ə/ and words containing the target sounds
in word-final position. In the case of /p/ and /dʒ/, the
speaker did not accept the intended stimuli with /ə/
as V1, in which case words with /e/ or /a/ were employed instead. In total, 20 types (80 tokens) were
recorded for the word-initial condition and 18 types
(72 tokens) for the word-final condition. Selected
lists of target words will be provided in the appropriate paragraphs in Section 3.
The speaker was recorded using a hama EL80 headset with an omnidirectional microphone
plugged into an Olympus LS-10 Linear PCM
Recorder. The recording settings were at .wav,
44.1 kHz, 16-bit, stereo. The target words were
recorded over three recording sessions in total. Data
were then analyzed using Praat [3]. The following
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acoustic values were measured:
1. Three durational measures: (i) burst and frication duration (l(BF)), (ii) VOT, i.e. ∆t between
voice onset and burst onset, and (iii) duration of
the vowel following the initial obstruent (l(V))
2. Spectral energy (Pa2 /sec) of post-burst lag
3. H1-H2CI of the following V, using a modified
version of the script in [24] applying the Iseli
correction for formant effects [15]
4. Noise-to-harmonics ratio (NHR)
5. F0 (Hz) at the vocalic onset
Measurements were taken from the carrier phrase
unless the signal was disturbed, in which case one
of the isolated words was used instead. Except for
frequency range (5.5 kHz) , Praat’s default settings
were used. In the case of H1-H2CI and NHR, two
values were taken: one for the first quartile and the
other for the whole duration of the V.

Table 1: Measurements for bilabial plosives.

VOT
l(V)
Energy
H1-H2CI
NHR
F0

/b/
bəχʷə
‘broad’

/p/
pane
‘thorn’

/pʰ/
pʰədzən
‘separate’

/p’/
p’ətɕ’en
‘freeze’

-221 ms
150 ms
—
13.0, 8.0
0.16, 0.03
165 Hz

21 ms
316 ms
1.4e-8
1.8, -0.8
0.17, 0.09
214 Hz

100 ms
96 ms
5.1e-7
16.1, 3.4
0.21, 0.15
180 Hz

120 ms
112 ms
4.7e-10
2.4, 5.9
0.11, 0.08
224 Hz

around 100 ms with noisy glottal frication. Voice
quality in the first fourth of the vowel is remarkably breathy (H1-H2CI > 15, NHR > 0.20), while
the overall voice quality is rather modal.

The most striking feature of all voiced obstruents
in Bzhedugh is a long section of prevoicing preceding the consonantal burst. For /b/, prevoicing lasts
for around 220 ms, which by far exceeds the duration of the following V (see Figure 1). The oral
burst is fairly weak and short and is immediately followed by the vocalic onset, with a lag of 0 ms. F0
is lower compared to the non-voiced plosives. The
exact acoustic values for the stimuli used are given
in Table 1.

Ejective /p’/ shows a quasi-affricated oral release,
which contributes to a longer VOT than its nonejective counterparts. After the oral burst, the glottal pressure is not released immediately, resulting in
an extended post-burst lag (PBL) that comes close
to that of /pʰ/. However, unlike /pʰ/, this phase is
quasi-silent (lower in energy by a factor of 103 ), and
the release of glottal pressure is delayed until the vocalic onset (Figure 2). The glottal release is then
distributed over a considerable portion of the vowel.
This amounts to a tense or pressed voice quality, a
special kind of creak that is typically accompanied
by low H1-H2, a low NHR, but not necessarily a low
F0 [17]. Note that this particular token of /p’/ had
the highest F0 among the bilabial stops. Note further that NHR after coronal ejectives in Bzhedugh
was found to be elevated rather than lowered.

Figure 1: Oscillogram and spectrogram (frequency range: 0-6 kHz, dynamic range: 60 dB)
of bəχʷə ‘broad’, displaying an extensive phase of
prevoicing before the oral burst.

Figure 2: One token of the word p’ətɕ’en ‘freeze’.
Note the extended oral release phase, the absence
of an isolated glottal release event, and the low
inter-harmonic noise in the first vowel.

Voiceless unaspirated /p/ is characterized by a short
VOT (21 ms) with low-energy noise and absence of
prevoicing. Voice quality in the following vowel is
modal (H1-H2CI < 0, NHR < 0.10).
Voiceless aspirated /pʰ/ is characterized by a VOT of

Voiced dental /d/ is similar to bilabial /b/ in that the
burst is preceded by a considerable amount of prevoicing. The low F0 and the slightly elevated H1H2CI compared to its voiceless counterparts also
match /b/. /t/ is close to /p/, exhibiting a short VOT

3. RESULTS
3.1. Word-initial plosives
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Adyghe. Ejective /tʃ’/ has a short and low-energy
PBL (by a factor of 104 compared to /tʃʰ/) and the
following V attests an overall high NHR. As was
observed for /t’/, the release of the glottal closure is
delayed until the vowel sets in, resulting in pressed
voice and a shorter V. However, F0 is not increased
after ejective affricates as it is after ejective stops.

Table 2: Measurements for dental plosives.

VOT
l(V)
Energy
H1-H2CI
NHR
F0

/d/
dəwe
‘leech’

/t/
təʁə
‘sun’

/tʰ/
tʰən
‘give’

/t’/
t’ən
‘dig’

-201 ms
180 ms
—
10.5, 12.1
0.14, 0.05
168 Hz

16 ms
158 ms
1.2e-7
7.3, 3.2
0.17, 0.07
211 Hz

126 ms
112 ms
5.7e-6
14.0, 4.8
0.19, 0.07
191 Hz

89 ms
103 ms
7.8e-10
-1.6, 0.1
0.44, 0.15
215 Hz

Table 3: Measurements for postalv. affricates.

and modal voice, and /tʰ/ parallels /pʰ/ with respect
to its long and noisy post-burst lag and the breathy
initial portion of the following V (see Figure 3). In
a similar vein, /t’/ is akin to its bilabial counterpart,
showing a quasi-affricated burst release with a high
F0 as well as pressed voice at the vocalic onset while
lacking an isolated glottal release event. Vowels following ejectives in Bzhedugh tend to be shorter than
after non-ejectives, which can be interpreted as a direct consequence of their special phonation.

l(BF)
VOT
l(V)
Energy
H1-H2CI
NHR
F0

/dʒ/
dʒexaħe
‘sullen’

/tʃ/
tʃəɣə
‘tree’

/tʃʰ/
tʃʰə
‘my brother’

/tʃ’/
tʃ’əgʷə
‘soil’

42 ms
-152 ms
124 ms
—
-0.2, -0.1
0.27, 0.22
169 Hz

90 ms
90 ms
186 ms
—
4.0, 1.4
0.13, 0.06
196 Hz

153 ms
241 ms
178 ms
4.5e-6
17.5, 3.2
0.14, 0.07
170 Hz

105 ms
131 ms
86 ms
4.4e-10
-5.5, -4.5
0.68, 0.27
167 Hz

Figure 4: A plain unaspirated postalveolar affricate with zero post-burst lag in tʃəɣə ‘tree’.

Figure 3: A token of tʰən ‘give’ with high-energy
post-burst glottal frication.

The dental affricates /dz, ts, tsʰ, ts’/ and the alveopalatal affricates /dʑ, tɕ, tɕʰ, tɕ’/ reveal the same basic patterns as the postalveolar affricates described
above, including a negative VOT for the voiced
sounds, presence of high-energy glottalic frication
and an overall breathier voice quality for the aspirated sounds, and a quasi-quiet post-burst lag as well
as tense voice for the ejectives (Table 4).

3.2. Word-initial affricates

Table 3 shows the acoustic measurements for the
postalveolar affricates /dʒ, tʃ, tʃʰ, tʃ’/. Occasionally,
a higher NHR in the portion immediately following
the vocalic onset can be observed due to partial overlap with consonantal frication noise.
Parallel to the stops, voiced /dʒ/ exhibits a negative VOT and a low F0 at the vocalic onset. Voiceless
unaspirated /tʃ/ shows no PBL before the V (see Figure 4). Voiceless aspirated /tʃʰ/ has a typical VOT of
around 100 ms with high-energy noise as well a high
degree of breathiness at the beginning of the V, while
the average voice quality of the whole vowel is fairly
modal. Note that the stimulus tʃʰə ‘my brother’ is
derived from /s-ʃə/ (1SG-brother) with compensatory
aspiration, a process not found in other varieties of

3.3. Word-final stops and afficates

For word-initial stops and affricates, the relevant
acoustic cues are not only located in the signal of the
consonant itself but also in the following vowel and
the transitional phase. Word-finally, most of these
cues are not available, for obvious reasons. One
could therefore expect either neutralization of some
or all contrasts or phonetic reinforcement to maintain
the contrasts. The latter is the case in Bzhedugh.
The contrast between voiceless plain and aspirated
sounds is maintained word-finally by the presence
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Figure 6: A token of ʃkʷ’əntɕ’ ‘darkness’.

Table 4: Measurements for dental affricates.

l(BF)
VOT
l(V)
Energy
H1-H2CI
NHR
F0

/dz/
dzəwe
‘bag’

/ts/
tseɮə
‘gum’

/tsʰ/
tsʰə
‘wool’

/ts’/
ts’əfə
‘human’

164 ms
150 ms
83 ms
—
-1.4, 2.7
0.21, 0.08
163 Hz

166 ms
166 ms
240 ms
—
-1.7, 0.3
0.12, 0.08
208 Hz

121 ms
250 ms
125 ms
3.9e-5
13.3, 3.0
0.22, 0.13
182 Hz

161 ms
189 ms
99 ms
1.4e-9
-5.1, -2.8
0.32, 0.16
174 Hz

of a phase of post-burst glottal frication. Figure 5
shows a word-final /tʰ/ with noisy PB aspiration of
151 ms and 1.2e-6 Pa2 /sec juxtaposed to a word-final
/t/ with PB noise of only 57 ms and 3.3e-8 Pa2 /sec.
Bzhedugh has no process of final devoicing, i.e.
voiced Cs retain their voicing in all positions. Wordfinal ejectives are similar to word-initial ones in that
there is a significant interval between the release of
the oral and the glottal closure, only that without a
following vowel, the release manifests itself in a series of isolated glottal pulses (Figure 6).

the observation in [8, 6] that these sounds are in
fact plain singletons. In general, non-ejective noncontinuants in Bzhedugh are well in line with Keating’s [16] typology of prevoiced, short-lag, and longlag stops. This sets Bzhedugh, as well as closely
related Shapsugh, apart from its Northeast Caucasian neighbors, where the unaspirated series is fortis/tense or geminated [4, 20, 19, 10]. VOT was not
reliably longer for /Cʰ/ than for /C’/, inviting further inquiry as to how Bzhedugh relates to the eastwest divide across this parameter reported in [10]. At
the same time, Bzhedugh /C’/ fits the complex picture of ejectives in the Caucasus in general, which is
characterized by a plethora of phonetic realizations
[11]. The quaternary phonation system proved robust across all sound classes and environments, calling into questions previous claims about an ongoing
attrition of the /C∼Cʰ/ contrast in Bzhedugh [22].
Future research may shed light on the question
whether the phonetic cues discussed in this paper are
the same for obstruent series with only three or less
members, including fricatives. In addition, it would
be worth investigating whether there is an empirical
basis for the stipulation of an even finer gradation of
aspiration. Thus, [18, 22] assert aspiration to be consistently stronger in some (e.g. tʃʰə ‘my broter’; cf.
Section 3.2) than in other lexical items (such as xetʰ
‘stands in’; cf. Section 3.3).

Figure 5: Tokens of the minimal pair xetʰ ‘stands
in’ (above) and xet ‘who’ (below).

5. CONCLUSION
In this paper, we have presented a number of acoustic correlates of the four-way phonation contrast in
Bzhedugh. Results indicate that VOT and PBL energy are crucial for distinguishing /D, T, Tʰ/, while
pressed voice coupled with a short duration of the
following V are the principal acoustic cues for ejectives. Voicing is generally accompanied by a lower
F0 in the following V. The quaternary phonation system is fully functional across different sound classes
and phonetic environments.

4. DISCUSSION
Non-ejective unaspirated consonants in Bzhedugh
have sometimes been transcribed as /Cː/ [12]. The
findings presented in Section 3, however, support
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speakers [10, 4] is not only based on socio-phonetic
factors, but on physiological ones [5, 7].

ABSTRACT
Segmentation of running speech and placing a
boundary between a vowel and a following voiceless
stop seems to be a trivial task., Segmentation criteria,
however, varied in an international cooperation, as
different realisations of V+voiceless stop sequences
occurred between comparable recorded material of
speakers of German, Italian and Swedish. It appeared
that Swedish speakers produced V+voiceless stopsequences frequently with a transitional phase in
between, similar to preaspiration in Icelandic.
In this study, elicited data from speakers of
Swedish, German and Italian was analysed and the
general number of occurrence of preaspiration
according to languages was counted and compared in
the first place.
The previous observation – that preaspiration
predominantly occurs in Swedish speech – was
confirmed, and further, detailed inspections were
carried out. Occurrence of preaspiration in both
vocalic and consonantal contexts, status of quantity
were analysed and correlated with the general degree
of breathiness of individual speaker’s voices.
Keywords: preaspiration,
preaspiration in Swedish.

breathy

phonation,

1. INTRODUCTION
A transition from a vowel into a voiceless stop usually
includes the articulation of an oral closure and the
abduction of the vocal folds. These procedures are
often aligned, but may occur disjoined in time. If
disjoined, a frication phase may show up: a
preaspiration. Preaspiration is known to occur in
Icelandic [5], but also in other languages – and
dialects – mainly in North Western Europe: some
Scandinavian languages and dialects [1], Saami [3],
Tyneside English [4], Scottish Gaelic [6]. In some
languages and dialects, preaspiration plays a part in
the quantity system [5, 9, 11], and in others, it is a
socio-phonetic phenomenon [3]. The third possibility
is, that it occurs as a non-normative feature, however
typical for a certain language or dialect [10]. The
question has also been raised, whether observed
increased duration of preaspiration by female
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Figure 1: Example of preaspiration (highlighted) in
the Swedish word gata (“street”, /ɡaːta/, [ɡɑːʰta]).
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Based on discussions about segmentation criteria in a
previous cross-linguistic project [2] – due to presence
vs. absence of preaspiration in V+voiceless stopsequences –, an attempt is made here, to shed some
light into the distribution of preaspiration in
comparable data produced by native speakers of
Italian, Swedish and German.
Most studies on Italian have not reported any
preaspiration [cf. [8]), but it has been shown that it
might optionally occur prior to voiceless geminates
[9].
There is considerable variation in the distribution
and role of preaspiration among Swedish dialects. It
may occur as a normative feature in some central
dialects, independent of the quantity setting [5]. In
other, northern, dialects, variation in length of
preaspiration may be related to the contrasting
quantity characteristics [11]. In the southern dialects,
it may occur as a non-normative, however
representative feature [10].
Concerning German, preaspiration does not seem
to be an issue of investigation.
In the current study, the occurrence of
preaspiration was investigated in comparable, read
speech, produced by speakers of Italian, Swedish and
German. The consecutive analysis has focused on the
distribution of occurrence according to the language,
gender of the speaker, vocalic and consonantal
context and the quantity characteristics of the context.

As preaspiration can be seen as a phase between a
vowel and a voiceless stop, where the timing between
devoicing and oral closure is not aligned, the general
level of breathiness for each speaker’s voice when
aiming for a linguistically modal phonation was
analysed with HNR. The degree of general
breathiness of an individual speaker’s voice can shed
some light on a habitual inclination of incomplete
vocal fold closure, which might also have an
influence on the transitions between voiced and
voiceless sounds.
2. THE STUDY
In order to make the data comparable between
speakers of Italian, German and Swedish, read carrier
phrases containing target words with similar
vowel+stop-sequences were recorded.
2.1. Material

The participants read carrier phrases with the
embedded target words in their first language. The
speakers were asked to produce the target with a
contrastive focus. The phrases were presented one by
one to each participant on a laptop-screen and the
target words were highlighted in bold script.
Distractor phrases were randomnly included in the
presentation.
All target words were bisyllabic with the stress on
the first syllable and the V+stop-sequence in the
rhyme of the stressed syllable. The V+stop-sequence
in the various target words varied according to:
 Vowel quality: /a/ and /i/
 Place of articulation for the stop: bilabial and
alveolar, /p/ and /t/
 Quantity features of the respective language:
Italian: VC and VCː, fato and fatto
German: VC and VːC; Rate and Ratte
Swedish: VːC and VCː; vita and titta
All these factors were taken into consideration in the
statistical analysis. The material contained eight
target words for all three languages.

2.3. Recordings

The recordings were carried out in different
environments in Sweden and Germany: some were
made in quiet classrooms or offices, others in a
recording booth. The recording devices varied as
well: some were made directly on a laptop, in other
cases portable digital high quality recorders were
used. In all cases, external lapel microphones were
used.
Due to considerable echo and background noise or
low amplification of the signal, some recordings had
to be excluded.
2.4. Analysis procedure

From the recordings, the target words and the V+stopsequences were segmented in PRAAT and the
number of occurrences of preaspiration per speaker
within the list of target words was accounted for. In
the further analysis process, the counts were treated
in percent of occurrence [%]. With statistical tests
(Student’s t, Anova) the influence on frequency of
occurrence of preaspiration of the following factors
was investigated: a) the speakers’ L1, b) the speakers’
gender, c) vowel quality, d) place of articulation of
the stop and e) quantity characteristics.
In addition, the degree of breathiness for each
speaker’s voice was correlated with the frequency of
occurrence of preaspiration by calculating Pearson’s
r. Hereby, 10 seconds of each recording, containing
periodic/voiced speech sounds – but no voiced
fricatives – were singled out for the analysis of the
Harmonics-to-Noise Ratio (HNR), i.e. the relative
degree of breathiness of a speaker’s phonation. The
HNR was calculated with the help of the analysis of
harmonicity in PRAAT.
3. RESULTS
The results about frequency of occurrence in
percentage of a turbulent section between vowels and
voiceless stops are presented below, taking the
various analysis conditions into consideration.
3.1. Language influence

2.2. The speakers

The collected data comprises speech of eight speakers
of Italian (5 female, 3 male), residing in the south of
Germany or Sweden at the time of recording. In
addition, 10 speakers of German (9 female, 1 male)
were recorded, eight using a southern standard dialect
and two using a northern standard dialect. The
Swedish material was produced by nine speakers (6
female, 3 male), with predominantly southern
dialects.
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Figure 2: Average of frequency of occurrence of
preaspiration (in [%]) across all speakers per
language.

A general overview over the occurrence of
preaspiration in the three languages in question is
shown in Fig. 2. It shows that the Swedish speakers
produce preaspiration significantly more frequently
than the Italian speakers (p ≤ 0.01) and the German
speakers (p ≤ 0.001). The difference between the
languages is generally highly significant (p ≤ 0.05).
3.2. Gender

A general comparison between the speakers’ use of
preaspiration according to their gender is given in Fig.
3. It should be pointed out, that the number of
speakers varied between the groups: 20 female and 7
male speakers. No significant difference between the
two groups of speakers is observed.
Fig. 4 shows the results, where gender and
language are considered. The German data was
excluded, as only one male speaker contributed to it.
The results show no significant difference between
gender for the Italian speakers, but a weak
significance for the Swedish speakers in that female
speakers produce preaspiration more often (p ≤ 0.05).

Place of articulation of the voiceless stop plays a
significant – however not very strong – role for the
Swedish speakers only. For that group, preaspiration
is found more often, if the voiceless stop is an alveolar
one (p ≤ 0.05, Fig. 6).
Figure 6: Average of frequency of occurrence of
preaspiration (in [%]) according to place of
articulation of the voiceless stop, pooled by
language.

3.5. Quantity characteristics

It has been mentioned above that the three languages
have different quantity characteristics. However, in
none of the investigated languages do the speakers
show a statistically clear preference in producing
preaspiration in combination with any of the
contrasting quantity elements.

Figures 3 and 4: Average of frequency of
occurrence of preaspiration (in [%]) according to
gender across all speakers and languages (3) and
pooled by language (4).

(3)

3.4. Place of articulation of the stop

(4)

Figure 7: Average of frequency of occurrence of
preaspiration (in [%]) according to language
specific quantity characteristics, pooled by
language.

3.3. Vowel quality

Variation in vowel quality in the sequence in question
does not have an effect on the frequency of
occurrence of preaspiration in any of the speaker
groups according to their language (Fig. 5).
Figure 5: Average of frequency of occurrence of
preaspiration (in [%]) according to vowel quality,
pooled by language.

3.6. Influence of voice quality

Preaspiration can be seen as a phase between a vowel
and a voiceless stop, where the timing between
devoicing and oral closure is not aligned. This can be
related to phonation control in an individual speaker.
Therefore, the degree of general breathiness for each
speaker’s voice was measured with HNR. In Figure 8
the overall distribution of degree of breathiness is
presented. Note that a high HNR-value reflects a
relatively lower degree of breathiness! It can be seen,
that the German speakers generally had relatively

2082

high HNR-values. The HNR, however, is not
significantly different between the speakers of the
three language groups (p = 0.09)
Figure 8: HNR (in [dB]) for all speakers, grouped
by language

Fig. 9 shows the correlation between every
individual’s HNR and his/her frequency of
production of preaspiration, disregarding the
speaker’s language. There is a general weak negative
trend – not significant (r = - 0.1334) –, which points
towards a possibility that a more breathy voice could
be related to a higher degree of preaspiration
occurrence.
Figure 9: Correlation between HNR (in [dB]) and
frequency of occurrence of preaspiration (in [%])
for all speakers.

When only inspecting the Swedish speakers, the nonsignificant trend is positive (Fig. 10) (r = .541805,
p > 0.1), the reverse of what could shed a light on the
relationship between breathiness of the voice and
occurrence of preaspiration.
Figure 10: Correlation between HNR and
frequency of occurrence of preaspiration (in [%])
for Swedish speakers only.

4. DISCUSSION
The results confirm observations from earlier
segmentation experience, i.e. that preaspiration rather
occurs in Swedish speech than in German speech in
comparable data [2]. In the recordings of Italian, not
much preaspiration was found, however it occurred
slightly more frequently than for German. This agrees
with [8] and [9]. The speaker’s gender plays a role
only in that language, where preaspiration generally
occurs more frequently, which is Swedish. Hereby,
female speakers produced preaspiration slightly more
often than male speakers. Preaspiration as a
predominantly used feature by women was also found
in a sociophonetic study [4].
Vocalic difference did not have any effect. Place
of articulation of the stop, however, did have an
influence for the speakers of Swedish, for whom
preaspiration occured most frequently. In that way,
when tongue articulation was involved for the stop,
preaspiration occurred a little more often than in
combination with a bilabial stop. A study, which
could show tongue movement and the alignment in
time with phonation would be a relevant follow-up to
the present study.
Quantity characteristics did not have any effect in
any of the languages investigated. This is, indeed,
surprising, as in both languages, Italian and Swedish,
preaspiration has been found to be a marker for one
particular type of the two contrasting types in each
language ([9], [11]). The dialectal variant
predominantly used in this study, however, did not
exactly match the variants investigated earlier ([9]).
General breathiness of the speakers’ voices as an
influence on the production of preaspiration was not
confirmed, although a trend was found, that the
German speakers, who produced hardly any
preaspiration, also produced the least breathy voices.
Swedish speakers with most frequent production of
preaspiration, however, showed an unexpected and
reverse trend in that speakers with a low level of
breathiness produced a high level of preaspiration.
This shows that preaspiration is a non-normative
feature natural to Swedish. In addition, gender might
play a sociophonetic role. Preaspiration is not
connected to either quantity factors of the language or
phonation attributes in the individual speakers,
It is also confirmed, that preaspiration is not a
typical feature for German. Preaspiration occurs not
as regularly in Italian as in Swedish. It is, however, a
less exceptional attribute in Italian than in German.
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ABSTRACT

and Tlachichilco Tepehua [33]. As a result, word
final vowels frequently are devoiced, laryngealized,
or dropped entirely.
Little is known about the phonetics of laryngealized vowels into Totonacan, but some preliminary
acoustic analyses have been performed. In Papantla Totonac, non-modal vowels were found to
have overall lower intensity than modal vowels, and
tokens produced with stiff voice appeared to be associated with the spread of voicing onto preceding
stops [16]. In Misantla Totonac, Trechsel & Faber
[31] measured the F1-F2 vowel space and the difference in amplitude between F0 and F1 (a measure they refer to as VQI, for Voice Quality Index).
The analysis revealed a high degree of interspeaker
variability in the F1-F2 space, but a more stable
outcome with respect to VQI: laryngealized vowels
had lower VQI scores than non-laryngealized vowels for both speakers. A recent study of duration and
vowel space in UNT found that laryngealized vowels tended to have lower F0 than non-laryngealized
vowels [11].
Phonation types have highly variable acoustic
profiles across langauges, with differences depending in part on whether the phonation is contrastive or
allophonic, breathy, creaky, or otherwise modified.
Spectral and acoustic measures have been found to
differentiate between modal and non-modal phonation types in several languages including English,
Korean, and Hmong [12], Mazatec, Mpi, and Chong
[6], Zapotec [10], and Gujarati [9, 17], among others. The difference in amplitude between the first
and second harmonics, often reported as H1-H2, or
H1*-H2* when adjusted for first and second formant values, appears to be the most reliable measure for differentiating phonation types across languages [19, 29], though unadjusted H1-H2 may also
be used [18]. In addition to spectral differences, the
timing of vowel phonation is affected by contrastiveness: non-modal phonation lasts longer and is more
highly differentiated from modal phonation when
the phonation differences are contrastive than when
they are non-contrastive [6, 12]. In Hupa, allophonic
laryngealization spreads from following consonants
onto a portion of preceding vowels, but never laryn-

The present paper reports on an investigation of the
phonetics and phonotactics of vowel laryngealization in Upper Necaxa Totonac. Using analysis techniques inspired by corpus linguistics, an analysis
of transcribed dictionary forms revealed a highly
significant relationship between vowel laryngealization and the consonant that followed immediately
after the vowel. Specifically, laryngealized vowels
were far more likely to occur before glottal stops
than non-laryngealized vowels were. Further to
these findings, an acoustic measure of voice quality
(H1-H2) was extracted from multiple time points of
laryngealized and non-laryngealized vowels before
and after glottal stops and other consonants. A statistical comparison of H1-H2 values between vowels
in various contexts revealed that vowels followed by
glottal stops had stronger indications of non-modal
phonation regardless of their own laryngealization
category, while vowel laryngealization itself did not
affect H1-H2. In light of these findings, the the laryngealized vowels may be interpreted as resulting
from collocation with glottal stops instead of bearing contrastive larygnealization themselves.
Keywords: Meso-America, documentation, laryngealized vowels, phonotactics, phonation
1. INTRODUCTION
Upper Necaxa Totonac (ISO [tku], hereafter UNT)
is a Totonacan language spoken by approximately
3400 people in four communities situated along the
Upper Necaxa River in the Sierra Norte of Puebla,
Mexico. Like other languages of the Totonacan family, UNT is supposed to maintain a phonation contrast between laryngealized and non-laryngealized
vowels [4]. This contrast may occur with any of
UNT’s contrastive vowel qualities, as well as either of two contrastive lengths (short and long).
Vowel laryngealization may also indicate phonological phrase boundaries, as is the case in other
related language varieties, such as Coatepec Totonac [21, 24, 25], Filomeno Mata Totonac [23],
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text. Chi-squared tests were performed on these
count data in order to determine whether laryngealization of context segments was related to laryngealization of target segments.

gealizes the entire length of the vowel [13]. Acoustic analysis may therefore reveal evidence for interpreting laryngealization as either allophonic or contrastive in UNT.
In the present paper, the relationship between
glottal stops and laryngealized vowels in UNT is
explored from two perspectives. First, a collocational analysis of vowels and stops demonstrates that
glottal stops are highly likely to be preceded by laryngealized vowels. Second, H1-H2 values from
vowels in a variety of segmental contexts are analyzed, revealing that the presence of a glottal stop
has a greater effect on laryngealization than does the
vowel laryngealization category itself.

2.2. Results

Count data for stops and vowels are reported in Table 1. Non-laryngealized vowels occurred in higher
proportions across both oral and glottal stops, as
would be expected given the higher proportion of
non-laryngealized vowels in the dictionary overall.
Figure 1 illustrates the distributions of stops. Both
oral and glottal stops appeared in comparable proportions before laryngealized and non-laryngealized
vowels. After vowels, over 88% of glottal stops
occurred after laryngealized vowels, and more than
70% of oral stops occurred after non-laryngealized
vowels. A complementary pattern was apparent in
vowels (Figure 2): 65% of laryngealized vowels
occurred before glottal stops, and more than 90%
of non-laryngealized vowels occurred before oral
stops.

2. SEGMENTAL COLLOCATES OF VOWEL
LARYNGEALIZATION IN TRANSCRIPTION
2.1. Methods

The materials for the present analysis were extracted
from the digital version of the Upper Necaxa Totonac Dictionary [5]. All forms were included in
the analysis, including head words, inflected forms,
and affixes that received their own entries.
The data required little pre-processing before inclusion in the analysis because the orthography of
UNT is transparent at the phonemic level. Dictionary forms were copied into a plaintext file format, then transliterated into IPA using grep and
regex (regular expressions) find-and-replace methods. Following a method similar to [3], transcriptions were accepted as given in the published dictionary. Because some segments were encoded by
complex character sequences (i.e affricate digraphs,
ejective fricatives, vowels with length, stress and
larygnealization diacritics), phonemic symbols were
delimited by inserted spaces on either side. Word
boundary markers (#) were inserted at the end of
each word to ensure that segments were not interpreted as adjacent across word boundaries.
The resulting list of prepared segment data
was then converted into a single text string from
which immediately preceding and following segments were identified for all segments using the shift
function from the data.table package [8] in R [27].
Segmental collocates of stops and vowels only are
analyzed here. Vowels were divided into laryngealized and non-laryngealized, while stops were divided into oral and glottal subsets.
The results of the collocation analysis revealed a
strong relationship between glottal stops and the laryngealization of vowel that precede them. These
data were further subdivided and cross-tabulated according to the laryngealization of the relevant con-

Table 1: Count data of stops and vowels in their
preceding and following environments.

Oral
Glottal
Laryng V
Non-laryng V

Before vowels
9676
2419
Before stops
4603
4295

After vowels
5494
3400
After stops
3425
8676

Figure 1: Stops before and after vowels, divided
by laryngeal type. Black bars represent nonlaryngealized vowels; gray bars represent laryngealized vowels.

The tabulated data was analyzed using a Chisquared test that revealed a highly significant relationship between stop type and vowel laryngealiza-
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and all speakers were presented with words in the
same list order. The procedure for recording the
word list was explained to speakers prior to beginning the recording. Speakers were asked to repeat
each word three times within the frame sentence in
ixla wanli’ ... chuwa [Sla wanli ... tSuwa] ’he said
˜
... now’. During recording, speakers
had access to
written forms and translations, as well as discussion
with the author.
Audio data were segmented and transcribed in
Praat [7] according to the dictionary form of word
items, rather than a close transcription of the phonetic signal. Boundaries were placed between vowels and adjacent glottal stops based on the regularity of oscillation period. H1-H2 measures were extracted from vowel tokens using a Praat script designed to imitate the measures taken by the VoiceSauce software developed at UCLA [32, 28]. Vowel
quality was included in the linear models as a random intercept, allowing for the model to adjust
the estimate for each vowel category. Since vowel
quality is largely determined by the first formant
[26, 30], including vowel quality in the random
structure of the model in this is intended to account
for formant effects that are accounted for in H1*H2* measures reported in other voice quality literature. Measures were extracted from two time
points within the vowel, at one third and two thirds
of vowel duration. The data were subdivided into
two conditions based on the laryngealization of either the preceding (CV) or following (VC) stop.
Separate models were fit to data according to
whether the vowels were preceded or followed by
oral or glottal stops, as well as by time point. Models were fitted using the lme4 package [2] in R
through stepwise model comparisons [1, 14, 15, 22].
The lmerTest package [20] was used to calculate
p-values based on Satterthwaite’s approximation of
degrees of freedom. Initial models included fixed
effects of vowel laryngealization (yes, no), stop type
(oral, glottal), and time point (1, 3), with interactions, as well as control variables stress (stressed,
unstressed), vowel length (short, long), and speaker
sex (male, female).

Figure 2: Vowels before and after stops, divided
by stop type (oral/glottal). Black bars represent
oral stops; gray bars represent glottal stops.

tion in both preceding and following environments.
Oral stops were more likely to precede laryngealized vowels than would be expected given the overall proportion of laryngealized to non-laryngealized
vowels (χ 2 = 51.1, df = 1, p <0.0001). Glottal
stops were more likely to follow laryngealized vowels than expected (χ 2 = 2908.3, df = 1, p <0.0001).
Given the strong correlation between transcribed
stop type and vowel laryngealization category, it
stands to reason that some transcribed instances of
vowel laryngealization are in fact the result of proximity to a following glottal stop. The next section
considers the effect of glottal stops on the acoustic
characteristics of vowels.
3. SPECTRAL ANALYSIS OF
LARYNGEALIZATION IN VOWELS
3.1. Methods

Four speakers of Upper Necaxa Totonac (two
women, two men) provided the audio data included
in the acoustic analyses. Speakers ranged in age
from early 30s to about 60 years old. The speakers were all native to the same village of Patla,
Puebla, and were bilingual in Spanish. All speakers
had grown up speaking UNT, with younger speakers being exposed to more Spanish earlier in life.
All of the speakers still speak UNT in the community on a daily basis, though Spanish is also very
frequently used. Interactions with the author were
undertaken in Spanish. Recordings were made in
speakers’ homes using a Marantz portable digital audio recorder (PMD 660) and a head-mounted ear set
microphone.
The word list, made up of 130 word forms, was
not intentionally arranged in any particular order,

3.2. Results

In vowels preceded by stops (Figure 3), those that
appeared after glottal stops had higher H1-H2 values
than those that followed oral stops at time 1 (est =
2.6175, SE = 0.5556, df = 4.928, t = 4.711, p <
0.01). The main effect of sex was also significant,
with male speakers having higher H1-H2 values than
female speakers. At two-thirds of vowel duration,
laryngealized vowels had significantly lower H1-H2
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in the model showed significant effects.

values than non-laryngealized vowels (est = -1.5934,
SE = 0.3205, df = 1073.7 t = -4.971, p < 0.001). The
effect of stop type also remained (est = 1.8857, SE
= 0.5194, df = 13.0000, t = 3.630, p < 0.005).

The above analysis revealed significant effects of
vowel larygnealization on H1-H2 late in the vowel in
the CV condition, and early in the vowel in VC condition. This is contrary to findings that contrastive
phonation differences tend to occur early in vowel
duration. Despite finding effects of vowel laryngealization in each condition, the direction of the effects
varied, with higher H1-H2 in laryngealized vowels
in the CV condition, and lower H1-H2 in laryngealized vowels in the VC condition. Since the typical
pattern for H1-H2 values is for non-modal phonation types to have lower H1-H2 values, this oppositional pattern is not neatly explained as a cue to
vowel laryngealization category in UNT. A further
complication here is that stop type also had significant effects on H1-H2, with vowels that appeared
after glottal stops having higher H1-H2 at both time
points in the CV condition. This effect was not influenced by vowel laryngealization category. Strong
effects of speaker sex were also found and warrant
further investigation.

Figure 3: H1-H2 values for vowels after stops
(CV), divided by speaker sex, consonant laryngealization, vowel laryngealization, and time
point.

4. CONCLUSION
Figure 4: H1-H2 values for vowels before stops
(CV), divided by speaker sex, consonant laryngealization, vowel laryngealization, and time
point.

The analyses presented in this paper have demonstrated that there are is a relationship between transcribed vowel laryngealization and stop type; this
relationship has not previously been reported in descriptions of Upper Necaxa Totonaca phonology.
The strong correlation between vowels and glottal
stops suggests that at least some vowel laryngealization may be the result of synchronic allophonic
variation, or a diachronic source of laryngealization
in allophony. As a first exploration of the relationship between laryngealized vowels and glottal stops
in UNT, H1-H2 was analyzed in vowels occurring
before and after oral and glottal stops. This measure
was chosen because it is known to robustly differentiate between phonation categories in other languages. Both vowel laryngealization and stop type
were found to influence H1-H2 values, sometimes
in unexpected ways. One possible avenue for future
study would be to repeat the analysis on data that has
been annotated based more closely on the phonetic
signal and compare the outcome to the present findings. Another approach might be to extract many
voice quality measures across the entire duration of
vowels in search of a cue speakers might use to
maintain a heretofore poorly understood linguistic
contrast.

In vowels followed by stops (Figure 4), the model
of data at one-third of vowel duration showed significant main effects of vowel laryngealization (est
= 1.6251, SE = 0.3738, df = 446.7, t = 4.348, p <
0.001), stress (est = 1.4315, SE = 0.3723, df = 361.2,
t = 3.845, p < 0.001), and speaker sex (est = 6.4485,
SE = 0.8054, df = 14.6, t = 8.006, p < 0.001). At
two-thirds of vowel duration, none of the predictors
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ABSTRACT
Little is known about the phonetics of Anyuak, a
Western Nilotic language spoken in Ethiopia and
South Sudan. The only descriptive grammar of the
language focuses mainly on the syntax but does
describe a number of vocalic features, such as
length, contrastive tone (high, mid, low, low-high,
high-low), and a ±ATR distinction [8] [9]. The
current study provides the first description of the
Anyuak vowel system based on phonetic
measurements. Results show evidence for five vowel
qualities, which differ based on ±ATR, with -ATR
vowels having a lower F1 value. In addition, +ATR
vowels are produced with a breathy voice quality.
Finally, we propose a revision to the previous
description of the tonal system; the two contour
tones are better described as mid-high and mid-low.
These findings demonstrate that the Anyuak vowel
system is in keeping with what one would expect of
a Western Nilotic language.
Keywords: Anyuak, Advanced Tongue Root, tone,
phonation, vowel length, Western Nilotic
1. INTRODUCTION
Anyuak (commonly spelled Anywa) is a Western
Nilotic language spoken by a minority group
primarily on the border between Ethiopia and South
Sudan, and by a large diaspora community outside
of the African continent [11]. To the best of our
knowledge, the only description of Anyuak comes
from a grammar and a dictionary of the Sudanese
variety (as spoken in the capital of Khartoum)
completed in the 1990s by [8] [9]. Sudanese
Anyuak is described as having a vowel inventory of
10 vowels, but only five qualities, [i, ɪ], [e, ɛ], [ʌ, a],
[o, ɔ], [u, ʊ], where the first member of each pair is
produced with an advanced tongue root (+ATR) [8]
[9]. This inventory is similar to that of other Western
Nilotic languages, which present either nine or ten
vowels, divided into two groups of five qualities
based on the feature ± ATR, such as Päri [2], Lango
[7], Nuer [13] and Shilluk [10]. [8] [9]also mentions
that +ATR vowels are produced with breathy voice.
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Cross-linguistically, +ATR vowels may be produced
with breathy voice; breathy quality can arise via a
lowering of the larynx involved in the articulation of
ATR, though breathy quality can be achieved
without such lowering [1] [4] [6].
Sudanese Anyuak also contrasts vowel length;
according to [8] [9], vowels are distinguished by
quality and not duration. Western Nilotic languages
generally show contrastive vowel length, reflecting
the commonly attested binary distinction between
short and long vowels. However, at least one
Western Nilotic language, Nuer [13], is claimed to
have a three-way length distinction between short,
long, and overlong vowels.
[8]’s account of Sudanese Anyuak also reports
three level tones (high, mid, low), and two contour
tones (low-high and high-low), though the high-low
tone is reported to be quite rare. Tone is a common
feature shared by Nilotic languages, and although
other branches may have slightly different tonal
inventories, in the Western branch, there is usually
an inventory of three level tones (high, mid, low)
and a small number of contour tones, such as
low-high and high-low. We investigate tone in this
study in order to construct as complete a picture as
possible of all contrastive vocalic features of
Anyuak vowels.
None of the impressionistic claims made in the
literature have been studied using experimental
methods. No laboratory phonetic examination of any
dialect of Anyuak has been attempted before the
present study. We aim, therefore, to examine
Ethiopian Anyuak, a dialect without any prior
linguistic documentation.
The following questions will be addressed:
1) What is the number of vowel qualities in
Ethiopian Anyuak?
2) What are the durational differences between
the vowels?
3) What is the basic tone inventory?
4) Does phonation vary as a function of ATR?
Using [8]’s work as a guide, one can expect
Ethiopian Anyuak to have a similarly rich vocalic

inventory including at least ten vowel qualities,
±ATR, breathy phonation, and tone, though speakers
do report pronunciation differences between the
Sudanese and Ethiopian varieties.

3. RESULTS
3.1 Vowel Quality
Formant analyses indeed revealed 10 disti The F1
and F2 value for the Anyuak vowels [i, ɪ], [e, ɛ], [a,
ʌ], [o, ɔ], [u, ʊ], where the first member of each pair
is produced with +ATR, are given in Figure 1 below.

2. PROCEDURE AND ANALYSIS
2.1 Speakers
10 speakers were recruited from the Ethiopian
Anyuak diaspora community living in the USA.
Speakers reported using Anyuak daily, and all speak
English as a second language, with varying degrees
of fluency. The results reported below are for a
subset of speakers.

Figure 1. F1 and F2 (Hz) values of 10 vowels
of Anyuak.

2.2 Speech Material
An initial wordlist was prepared using the Sudanese
Anyuak dictionary compiled by [9] as a guide. The
preliminary wordlist was verified and supplemented
by an Ethiopian Anyuak primary consultant over the
course of six months. Modifications were made to
[9]’s transcription to reflect pronunciation
differences between the two dialects. The majority
of words were monosyllabic. To the best of our
abilities, the onset and coda were controlled for such
that both consonants were voiceless stops. Whenever
possible, minimal sets were elicited.
160 words were presented in the Anyuak
practical orthography with English translations.
Target words were placed within the same
declarative carrier sentence, with care taken to
ensure that target words were in the middle of the
sentence. Speakers spoke the carrier sentences twice
into a microphone, and their speech was recorded on
Praat.
2.3 Measurements
First and second formant frequency (F1 and F2), F0,
and H1*-H2* were measured for all vowels
automatically using VoiceSauce [12]. (Preliminary
research showed that H1*-H2* was a good indicator
of phonation differences in Anyuak.) Measurements
were made at every millisecond and then averaged
within nine parts of equal length. For the formant
frequencies, we report on timepoint 5, which is
approximately the middle of the vowel. For F0, all
nine time points where examined. And, for
H1*-H2*, we examined the middle of the vowel
(time point 5) based on pilot research. Vowel length
was measured by hand in Praat [3].

2091

For vowels that are -ATR, F1 values tend to be
higher and F2s values lower than their +ATR
counterparts, with the exception of [o, ɔ]. A one-way
ANOVA shows a significant main effect of Vowel
(p<2e-16) with F1 as the dependent variable. Tukey
comparisons show that there are significant
differences between the +ATR and -ATR pairs for
[u, ʊ], (p<0.0002496), [o, ɔ], (p< 0.0021559), and [e,
ɛ], (p<0.0096543). However, there is no significant
difference between the pairs [i, ɪ] (p=1) or [ʌ, a]
(p<-0.9961797).
There is also a significant main effect of Vowel
(p<2e-16) with F2 as a dependent variable, but there
are no significant differences between +ATR and
-ATR vowel pairs, suggesting they are produced
with similar F2 values. This indicates that F1 is
important in determining vowel category. It appears
that the vowels [i, ɪ] and [ʌ, a] are not distinguished
by F1 and F2 values; we will return to these vowels
in our discussion.
3.2 Vowel Length
Figure 2 compares the short and long vowel contrast
collapsed across vowel quality. Note that long
vowels (shown in black) are longer than short
vowels (shown in grey).

Figure 2. Duration (ms) of long and short vowels.

The distinction between short and long vowels is
shown to be measurably contrastive. Across all
vowels, the long vowels are, on average, 49
milliseconds longer than their short counterparts, or
about 1.5x as long. A one-way ANOVA shows a
significant main effect of Length (p<0.0031765),
with long vowels being significantly longer than
short vowels as seen in Tukey Comparisons
(p<0.0031765).

there is only an approximately 15 Hz difference
between the mid and low tones, there is a much
larger, 25 Hz difference, between the mid tone and
the high tone. As such, although there is phonetic
evidence that the mid and low tones are measurably
different, this is perhaps the reason why [8] and [9]
were forced to conclude that the mid tone was hardly
distinguishable from the low tone. [8] and [9]
granted the mid tone phonemic status, however,
particularly because it instigates a number of tone
sandhi phenomena, which otherwise do not occur
with low tones in similar positions.
Next, Figure 4 displays the pitch contours of
Ethiopian Anyuak’s two contour tones, the rising
tone and the falling tone. The low-high tone is
shown in black, and the high-low tone is shown in
grey.
Figure 4. Anyuak’s two contour tones.

3.3 Tone
The following graph shows the average f0 (Hz)
values of the level tones of Anyuak. The high tone is
shown in black, the mid-tone in dark grey, and the
low tone in light grey. The numbers along the x-axis
represent timepoints across the duration of the
vowel.
While [8] and [9] described the contour tones as
high-low and low-high, there is evidence from the
current study that, for Ethiopian Anyuak, they are
better described as mid-high and mid-low, as they
begin with a pitch value that is closer to the
mid-level tone. This study also confirms that there
are no additional tones, be they level or contour,
which are not accounted for in [8] and [9].

Figure 3. Anyuak’s three level tones.

3.4 Breathy Phonation

As can be seen from the graph above, all three level
tones maintain a relatively constant pitch across the
course of the duration of the vowel; the high tone
maintains about 140 Hz, the mid tone about 115 Hz,
and the low tone about 100 Hz. Interestingly, while
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The difference in breathiness (measured via
H1*-H2* in dB) between the +ATR vowels versus
their -ATR counterparts is averaged across vowel
quality (Figure 5) and presented individually
(Figure 6). . +ATR vowels have a significantly
higher H1*-H2* value, meaning that they are much
breathier on average than -ATR vowels (p<9e-10);
in fact, the -ATR vowels have a slightly negative
H1*-H2* value.

Figure 5. H1*-H2* values compared between
+ATR and -ATR vowels.

of [e, ɛ], [o, ɔ], [u, ʊ], and a close vowel [i] or [ɪ]
and an open one [ʌ] or [a]. While previous accounts
of Anyuak found [ʌ, a] and [i, ɪ] to be distinct vowel
qualities, our findings suggest that the difference
between these vowels is due to phonation, rather
than formant frequency. At this time, we are unable
to conclude which of the vowels ([i] or [ɪ]; [ʌ] or
[a]) is the underlying one.
The fact that the close vowels contrast
modal/breathy phonation is particularly interesting
when we consider the cross-linguistic distribution of
breathy vowels; there is a tendency for open vowels,
not closed ones, to be produced with breathy voice
[5].
5. REFERENCES

Figure 6. Individual vowel H1*-H2* values for
+ATR and -ATR vowels.

A one-way ANOVA with H1*-H2* as the
dependent variable shows a significant main effect
of Vowel (p<1.02e-06), in which Tukey
comparisons show a significant difference in
H1*-H2* values between +ATR and -ATR pairs of
[i,
ɪ]
(p<0.0075083873)
and
[ʌ,
a]
(p<0.0098828402). This is very interesting
considering that the formant values of these two
vowel pairs were not significantly different. As
such, these results suggest that phonation is the most
important contrastive feature between these vowels.
4. DISCUSSION AND CONCLUSION
This study reports phonetic data on the vowels of
Ethiopian Anyuak. Results show that length is a
contrastive feature and that the tonal inventory is:
high, mid, low, mid-high and mid-low. The tonal
inventory of Ethiopian Anyuak is different from that
of the Sudanese variety, in that the two contour tones
begin with a mid, rather than low tone. Results of
F1 and F2 measurements suggest a vowel inventory
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ABSTRACT
Chrau, a Mon-Khmer language of southern Vietnam,
has been described as preserving a voicing contrast in
onset stops. Instead of voicing, closely related
languages have a register contrast in which voiced
and voiceless stops have respectively evolved into
breathy and modal registers.
Unexpectedly, the Chrau dialect investigated in
this paper has a register system based on f0, voice
quality and vowel quality, just like its sister
languages. However, onset stop voicing is not fully
neutralized: stops have a short positive VOT in the
modal register, but in the breathy register, they either
have closure voicing or a VOT slightly longer than
modal register stops. There is no evidence for an
acoustic trade-off between voicing and register cues.
The preservation of VOT differences in onset stops
suggests that Chrau has a conservative register
system. We discuss how the cooccurrence of VOT
and register cues sheds light on models of
registrogenesis.
Keywords: Chrau, phonologization, voicing, VOT,
Mon-Khmer register

1. INTRODUCTION
Chrau is a Mon-Khmer language of the South
Bahnaric branch spoken by about 26,885 people in
the provinces of Đồng Nai, Bà Rịa-Vũng Tàu and
Bình Thuận, in southern Vietnam [1]. Most Bahnaric
languages have lost the Proto-Mon-Khmer voicing
contrast in onset stops and have replaced it with a
register distinction, i.e. a two-way phonological
contrast realized on vowels by means of a bundle of
acoustic properties such as f0, vowel quality and
voice quality [2, 3, 5, 7, 10, 21]. Chrau seems
different in that it has been described as preserving a
voicing contrast in onset stops and has not been
reported as having a register system [24, 25, 28].
In this paper, we investigate a Chrau dialect
spoken near Bà Rịa and show that contrary to
expectations, it has a full-fledged register system. The
contrast between the two registers can be illustrated
with the minimal pair /tiː/ ‘hand’ vs. /ti̤ ː/ ‘ordinal
marker’. We will call the registers that have
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developed from voiceless and voiced obstruents
modal and breathy respectively; this does not entail
that voice quality is primary. Impressionistically, the
Chrau dialect described here seems relatively
conservative as breathy register stops can optionally
be voiced (italicized in Table 1).
Table 1: Chrau consonants

p
pʰ
b/p̤ ̤
ɓ
m
w

t
tʰ
d/t ̤
ɗ
s
n
l, r

c
cʰ
ɟ/c ̤

k
kʰ
ɡ/k ̤

ɲ
j

ŋ

Ɂ

h

Starting with Haudricourt (1965), early diachronic
accounts of registrogenesis adopted the view that it is
the ‘laxness’ of the voiced stops that triggered the
development of breathiness, lower f0, and formant
changes. However, none of these accounts were very
explicit on the phonetic nature of this laxness [2, 5,
12]. More recent models have suggested that specific
articulatory mechanisms (larynx lowering, tongueroot advancement) are instrumental in registrogenesis
[3, 27], and it has been proposed that voice quality
differences conditioned by voicing are responsible for
the f0 and formant modulations associated with
register [14, 27]. As there is so far no acoustic
evidence for early stages of the Mon-Khmer shift,
these scenarios are all based on phonetic
reconstruction. Acoustic evidence on a conservative
register system could help assess their validity.
We will therefore describe the register system of a
Chrau dialect that has already undergone
registrogenesis and establish if it preserves
consonantal remnants of its original voicing contrast.
Based on this description, we will try to determine if
the register system is representative of an early stage
of registrogenesis and how it could shed light on
previous diachronic scenarios.

2. METHODS
Twenty-two native speakers (12 women) of Chrau
were recorded in the town of Ngãi Giao, in Bà RịaVũng Tàu province, Vietnam.

2.1. Experiment

Speakers recorded a wordlist composed of 58 Chrau
words with a target syllable in stressed word-final
position, beginning with a coronal or velar onset /ɗ, t,
tʰ, s, l, r, n, k, kʰ, ŋ/. Out of these, onsets /t, k/ can
occur in both modal and breathy registers (breathy
register /t/ and /k/ are reflexes of *b and *g). Target
syllables contained the vowels /iː, ɛː, aː, ɔː, uː/ and an
optional coda (one word had the diphthong /uo/, but
will not be reported here). Monosyllabic words were
preferred (44/58); all other words were sesquisyllabic
(the main stressed syllable was preceded by an
unstressed
initial
syllable).
Sonorants
in
sesquisyllables are not reported here to avoid a
possible confound caused by register spreading, a
common process in register languages [4, 11, 26].
Target words were produced in the frame
sentence:
/aɲ ɲaːj __ ruː ruː aːn ɡruː caŋ/
“I say ___ slow slow for teacher hear.’
(I say ___ slowly for the teacher to hear)
Speakers recorded the wordlist in a soundattenuated booth normally used for recording amateur
singers. They were given each word in Vietnamese
and had to translate and pronounce it in Chrau,
inserted in the frame sentence. Data was recorded
with a Behringer ECM8000 microphone connected to
a Rothenberg EG2PCX electroglottograph (EGG).

normalized with z-scores and then reported back on
intuitive scales using means and standard deviations
obtained from all speakers.
Mixed models were fitted on the results and will
be reported as needed. Regardless of the dependant
variable, fixed effects were register, place and vowel.
The structure of random effects always included a
random intercept for subject, but no random slope.
Random intercepts for word were not included as
model comparisons systematically revealed that
inclusion of the random effect did not improve the
Akaike Information Criterion.

3. RESULTS
3.1 Realization of register on vowels

The spectral slope contours (H1*-H2*) of vowels
following the stops /t/ and /k/ and the sonorants /l, r,
n, ŋ/ are given in Fig. 1. At vowel onset, the H1*-H2*
of breathy register tokens is on average 7.2 dB greater
than that of modal voice tokens (significant for all
combinations of factors except /uː/ after velars). The
contrast between registers is maintained for about 100
ms before the modal and breathy registers start
merging. Vowels following sonorants fall in between.
Figure 1: Mean H1*-H2* in the first 200 ms
following breathy and modal plain stops (sonorants
given as reference). Shading: 95% CI.

2.2 Data processing and analysis

As the EG2PCX has a low frequency noise
component, recordings were high-pass filtered at a
frequency of 70 Hz to remove low frequency noise
(the lowest f0 found in the dataset is 85 Hz). All 4593
recorded target words were then annotated in Praat
textgrids. The beginning and endpoint of sonorants
and vowels were annotated. For stops, the beginning
of the closure, the release and the onset of voicing
were marked. Results were extracted using
PraatSauce, a Praat-based application for spectral
measures inspired by VoiceSauce [15, 20].
F0, F1, F2 and H1-H2 were measured at every 1
ms in the target vowel. Since measurement windows
were set at 25 ms, the first and last 12 vocalic
measures were excluded to avoid the effect of
adjacent consonants. Files were excluded if the f0, F1
or F2 of the target vowel was incorrectly tracked over
more than 20% of their duration (5.5% of the data).
In all other files, f0, F1 and F2 individual measures
were excluded if they were more than 2 standard
deviations away from the 10 closest sampling points.
Spectral slope measurements (only H1-H2 is
reported here) were formant-corrected [6, 13]. H1*H2*, f0 and formant frequencies were speaker-
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Fig. 2 reports f0 following the same three onset
types. The modal register is on average 23 Hz higher
than the breathy register (significant in seven out of
Figure 2: Mean f0 in the first 200 ms following
breathy and modal plain stops (sonorants given as
reference). Shading: 95% CI.

Figure 3: Mean F1 in the first 200 ms following
breathy and modal plain stops (sonorants given as
reference). Shading: 95% CI.

stops (overall average of -177 Hz, significant in all
combinations of vowels and places).
There is a tendency for vowel duration to be longer
in the breathy than the modal register (means of 310
vs. 271 ms), but this difference is only significant in
the expected direction for five out of the 10
combinations of places and vowels.
3.2 Consonants

Inspection of closure duration reveals small
significant differences between registers, but going in
different directions depending on combinations of
vowels and places of articulation. However, their
VOT reveals two robust generalizations, illustrated in
Fig. 5: 1) plain stops are mostly devoiced and rarely
preserve a negative VOT in the breathy register, 2)
when they are realized without closure voicing, their
VOT is larger than that of voiceless stops by an
average of 7.5 ms (significant for all combinations of
factors except for /uː/ after velars).
10 combinations of vowels and places). The contrast
between registers wanes after about 125 ms.
Sonorants pattern with modal stops.

Figure 5: Stop VOT, by place and register

Figure 4: Mean F2 in the first 200 ms following
breathy and modal plain stops (sonorants given as
reference). Shading: 95% CI.

While the relative proportion of tokens with a
negative VOT is highly variable in the community, as
shown in Fig. 6, a linear model with this proportion
as the dependant variable and age and sex as
independent variables reveals no significant effect.
Figure 6: Proportion of plain stops in the breathy
register with a negative VOT, by age and sex

Vowel formants also differ in the two registers. In
Fig. 3 vowels start with a lower F1 in the breathy than
in the modal register (significant in all categories
except /iː, uː/ after velars). This difference is
maintained for a longer portion of the vowel than f0
and spectral slope differences (150-250 ms,
depending on the vowel). As for F2, a close
inspection of Fig. 4 reveals that differences between
registers are small but consistent, with vowel having
a lower onset F2 after modal than breathy register
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3.3 A trade-off between voicing and register?

Are the acoustic properties of the register contrast
more clearly realized when breathy register plain
stops have lost closure voicing?
As shown in Fig. 7, there is no significant
difference in H1*-H2* between the breathy register
stops that preserve closure voicing (neg. VOT) and
those that are devoiced (positive VOT).
Figure 7: Mean H1*-H2* of voiced and devoiced
stops (modal register stops as reference). Shading:
95% CI.

There is also little evidence of cue trading between
voicing and f0. As illustrated in Fig. 8, the difference
between the two types of breathy register stops is not
significant at vowel onset for most combinations of
vowels and places (6/10), and when it is, it is the stops
with negative VOT that have the lowest f0.
Figure 8: Mean f0 of voiced and devoiced stops
(modal register stops as reference). Shading: 95% CI.

There are too few words with negative VOT in
each vowel category to obtain results on acoustic cue
trading between consonant voicing and register.

4. DISCUSSION
Ngãi Giao Chrau has a well-developed register
system: the two registers have distinct H1*-H2*, f0,
F1 and F2. Overall, the low register could be
described as having breathier and lower-pitched
vowels with a higher, more fronted vowel quality.
There is weak evidence that vowels are longer in the
breathy register. The size of acoustic differences and
their realization over a fairly long portion of the
vowel (at least the first 100 ms) suggest these effects
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are greater than the intrinsic perturbations expected
after voiced and voiceless stops [8, 9, 16-19, 22, 23].
Interestingly, the consonantal properties that gave
rise to register may not been entirely neutralized.
Breathy register stops either preserve closure voicing
(i.e. a negative VOT) or tend to have a VOT longer
than modal register stops, but it is unclear if the slight
difference in VOT between modal register stops and
devoiced breathy register stops is perceptually
significant. A perception experiment is needed, but it
is clear that the vocalic properties of register have
become the primary bearers of the contrast and that
closure voicing is an optional redundant property for
some speakers. Moreover, in the absence of a trading
relation between the realization of breathy register
stops and vocalic register cues, a functional scenario
in which some speakers would put more weight on
voicing while others would privilege register
properties cannot be invoked. The only difference in
vocalic cues between devoiced and voiced breathy
register stops is that the latter have a lower f0, which
is expected in “true voicing” languages [29].
There may be another way of interpreting the
small, though significant, VOT differences between
breathy and modal register stops: they could be an
epiphenomenon of an articulatory maneuver
responsible for the realization of register. Although
this is speculative, the most likely candidate would be
larynx lowering, an articulation that can affect f0,
voice quality and vowel quality [30-33], is involved
in the production of voicing [34, 35] and has been
claimed to be instrumental in registrogenesis [12].
The discrepancy between our results and previous
accounts of Chrau, which described a voicing
contrast, but no register, could be due to inaccurate
reports, dialectal differences, or phonetic change in
the past 50 years [24, 25, 28]. Since there is no
evidence of a higher prevalence of closure voicing in
breathy register stops in older than younger speakers
and since the vocalic properties of register are large
and extend over a significant portion of the vowel, a
recent change seems ruled out. We therefore have to
assume that the variation between Ngãi Giao Chrau
speakers is unstructured and stable. Unless other
Chrau dialects turn out to preserve a voicing contrast,
there is little ground to claim that the Chrau register
system represents an early stage of registrogenesis.
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ABSTRACT
Recordings of speakers of the Táizhou subgroup of
Wu Chinese are used to acoustically document an
interaction between tone and phonation first attested
in 1928. One or two of their typically seven or eight
tones are shown to have what sounds like a midRhyme glottal-stop, thus demonstrating a new
pattern in Wu tonatory typology. Possibly reflecting
gradual loss, larygealisation appears restricted to the
north and north-west, and is absent in Huángyán
dialect where it was first described. A perturbatory
model of the larygealisation is tested in an
experiment determining how much of the complete
tonal F0 contour can be restored from a few
centiseconds of modal F0 at Rhyme onset and offset.
The results are used both to acoustically quantify
laryngealised tonal F0, with its problematic jitter and
shimmer, and to help investigate the conditioning
factors of its realisation.
Keywords: Wu dialects, Taizhou, tonal acoustics,
non-modal phonation, glottal-stop, creaky voice
1. INTRODUCTION
Although the primary auditory and phonological
feature of the linguistic category of tone is pitch [1,
2, 3], some tone languages also show interaction
with extrinsic phonation type. Tone languages where
extrinsic phonation type is an integral part of tonal
realisation have been dubbed tonatory [4]. Northern
Vietnamese, with its creaky and ‘constricted’ tones
is a well-known example, e.g. [5]. Another example
is the contrastive tonation in Thai Phake, with its
two high falling tones, one of which ends in creak
[6]. Such interaction is to be expected, as both
phonation types and tone share a laryngeal
articulator, resulting from valvular action at different
levels at and above the vocal folds [7, 8, 9].
In his 1928 survey of Wu dialects – the first
western-linguistic description of Chinese dialect
phonetics – Chao Yuenren [10] noted of two tones in
Huángyán 黃岩 that they had a glottal-stop in the
middle of the vowel giving the impression of two
syllables.
The aim of this paper is to investigate this
tonation by quantifying the tonal acoustics for four
speakers with laryngealised tones from the Táizhou
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台州 subgroup of Wu to which Huángyán belongs.
The issue has significance within descriptive
tonetics, tonatory typology and historical linguistics.
Wu dialects – at least the conservative varieties –
show a wide range of tonatory behaviour [11]. One
finds breathy or ventricular phonation in groups of
tones characterising natural tonal classes of
importance for phonotactics and Wu’s complex tone
sandhi. One also finds a single tone characterised by
a different non-modal phonation type [12]; or even
two different non-modal phonation types in two
tones. However, the Huangyan-type tonation seems
to involve a new variation, with the same phonation
type in two different tones from the same historical
tonal category, thus prompting speculation that it
developed before the tonal split.
2. PROCEDURE
My main source of data was the large number of
tape-recordings made by Prof. Zhu Xiaonong and
his assistant in the mid to late 90’s as part of his
post-doctoral survey of Wu tones and tone sandhi
funded by the Australian Research Council. These
were supplemented by tape-recordings made about a
decade earlier by Prof. William Ballard as part of his
survey of tones and tone sandhi in southern Wu
varieties, funded by the US National Endowment for
Humanities [14].
Recordings from 23 Taizhou sites were
identified, digitised at 22.05k, and their citation
tones saved for further processing. The sites are
shown in figure 1, which is based on maps in [15]
and [16], amended according to [13].
It was very clear from even casual listening that
some recorded speakers had extrinsic mid-tone
larygealisation. (Chao’s glottal-stop characterisation
has been questioned and the Taizhou phonation said
to be better described as creaky [13]. Since glottalstops are commonly realised in continuous speech
with creak or creaky voice, the more general term
larygealisation is preferable.) Space permits the
description of only four of these speakers, from
Tiāntái county sites blue 20 (Sānhézhèn 三合镇) and
blue 21 (Yìzháixiāng 义宅乡); Nínghăi county site
blue 16 (Sāngzhōuzhèn 桑州镇); and Pán’ān county
site yellow 16 (Fāngqiánzhèn 方前镇) (see figure 1).
These four speakers, referred to below as SH, YZ,

SZ and FQ, all had larygealisation in two tones,
which can be heard by clicking on the site names
above. The speakers’ complete tonal data may be
listened to, and their acoustics inspected, on the
author’s website [17].
Figure 1: Map of Taizhou region, showing
putative Taizhou sites documented. Names of
counties referenced in paper are shown in red.
Thin black lines = county boundaries. Red dashed
lines = putative Taizhou subgroup boundary.

and shimmer are obvious over a relatively short
stretch in mid-Rhyme of about 6 csec., between ca.
csec. 12 and ca. csec. 18. Less obviously, but still
auditorily clear, is a less jittery stretch from ca.
csec.20 to ca. csec.25. (The Rhyme offset can also
be seen, indicated by onset of irregular pulsing, at
ca. csec. 31). It can also be appreciated that, despite
a low pitch floor setting in Praat of 50 Hz, the F0
has not been well extracted over the initial high jitter
stretch, in the middle of which actually occur
periods corresponding to between 150 and 200 Hz.
Figure 2: Acoustics of laryngealised tone,
showing typical jitter and shimmer. Axes – left:
spectral frequency (Hz), right: F0 (Hz), bottom:
duration (csec.).

Data were first transcribed auditorily with respect
to pitch, length and phonation type – a necessary
step when confronting unfamiliar data and also to
avoid mechanically extracting mean F0 values that
conflate different tonal targets. Both Ballard and
Zhu used an elicitation common in Chinese
dialectology by requiring their informants to read
out Chinese characters they expected, from received
knowledge of historical linguistics, would exemplify
specific phonological categories, like tones, onsets,
and rhymes. Thus their tonal examples were chosen
according to the eight traditional Middle Chinese
categories. This is a sensible heuristic. However, for
several reasons to do with historical tonal changes in
the area, just because a character is known to belong
to a historical category is no guarantee that its
modern reading will directly reflect that. In the
absence of standard face-to-face fieldwork
interaction with informants, all this can most easily
be resolved by auditory transcription followed by
confirmation by acoustic analysis.
Tonal acoustics were measured by first
generating a wideband spectrogram in Praat,
together with an aligned waveform and
superimposed F0 contour. The good time-domain
resolution of the spectrogram was then used to handsegment the onset and offset points of the Rhyme.
Onset was deemed to be at the first high-amplitude
glottal pulse of the Rhyme; offset was adjudged to
be the point where irregularities in either amplitude
or period, or both, became evident. The F0 over each
Rhyme was then extracted with Praat.
It is well-known that larygealisation is usually
accompanied by relatively heavy jitter and shimmer.
Figure 2 shows the acoustics of a laryngealised tone
in the word /tø 5ʔ3/ 短 short from SH. High jitter
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From a perceptual point of view, of course, the
precise values of F0 during the laryngealised portion
of a tone are irrelevant: it is the jitter and shimmer
which generate the percept cuing the category. For
the purposes of this paper, however, it was
necessary, quite apart from correcting failures in
automatic F0 extraction, to devise a method of
accurately sampling the F0 time course throughout
the Rhyme, in order to facilitate inferences on
production. Thus, depending on whether the tone
was laryngealised, different methods were used for
sampling the F0. For non-laryngealised tokens, F0
was modelled in R with an eighth-order polynomial,
the high order being necessary to avoid oversmoothing at this point of the procedure. For
laryngealised tones, separate models were used for a
central portion of the F0 containing the obviously
laryngealised portion and the remaining peripheral
modal values. F0 from the peripheral portions was
modelled with a low order polynomial (cubic or
quartic); F0 from the central portion was modelled
with R’s lowess function. The F0 was then sampled
using these models, with a sufficiently high
frequency to capture the details of its time-course: at
10% points of the Rhyme as well as at 5% and 95%.
The top panel of figure 3 illustrates this procedure
with the F0 from the token shown in figure 2. The

low-order (cubic or quartic) polynomial and the
results compared with the original intact F0 shape.
The bottom panel of figure 3 shows one such trial on
the F0, in thick grey, of a non-laryngealised high
falling-rising tone of a speaker from Xiānjū 仙居
blue 3, where slightly more than 60% of the F0 has
been removed (from 20% to 80% of duration). The
remaining data, in blue, obviously contain sufficient
information on the original F0 contour to enable
interpolation with a cubic, in red, with a low meansquared error. It was found that this was generally
the case, with better approximation, of course, the
less F0 removed.

Figure 3: Top: Illustration of procedure for
extracting F0 in laryngealised tones. Bottom:
Cubic polynomial restoration of excised F0 in a
non-laryngealised high falling-rising tone. X-axis
= duration (csec.), y-axis = F0 (Hz). See text for
explanation.

Figure 4: Sampled F0 in 10 tokens of a
laryngealised tone. Red line = mean. X-axis =
duration (csec.), y-axis = F0 (Hz).

central F0 values containing the putative
laryngealised F0 are shown with red dots. Because
the first half of these were incorrectly extracted by
Praat (see figure 2) they were measured manually,
and pitch-synchronously, from the waveform. The
cubic polynomial fitted to the peripheral portion is
shown in blue, the lowess fit to the central portion
(smoothing = 0.2) is shown with a thin black line).
The sampling points for tonal F0 are shown along
the top, and with vertical dashed lines; and the
sampled tonal F0 values at these points are shown
with larger cyan dots. It can be seen that this method
results in a close fit to the observed F0 values.
Although the configuration in the top panel of
figure 3 invites rather strongly the interpretation of
an impulse response in an underlying gradually
decaying parameter (vocal fold tension perhaps?), a
prior ontological question arises: are the interpolated
values real? (The danger of polynomial inter- and
extrapolation is, after all, a commonplace.) So an
experiment was conducted to ascertain how much of
a non-laryngealised tonal F0 contour excised from
mid-rhyme can be restored from polynomial
modelling of the type demonstrated above. Nonlaryngealised contour tones from different Wu
varieties were used, and increasing portions of their
F0 removed from the middle of their time course.
The resulting defective F0 was then modelled with a
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Mean F0 trajectory was then calculated from the
sampling points over all tokens of a tone. Figure 4
shows the resulting plot for ten tokens of a
laryngealised tone. It can be seen that the different
tokens show perturbatory effects of different
magnitude. Inspection of the plots for the
laryngealised tones showed that the perturbations in
mid time-course have a weak positive correlation
with vowel height.
The mean F0 data were then z-score normalised
[18] using normalisation parameters from all except
the laryngealised tones. This approach has been
shown to give by far the best results in tonal F0
normalisation [19]. Duration was normalised by
converting raw duration to a percentage of a
speaker’s mean tonal duration [20]. Z-score
normalised tonal F0 as a function of normalised
duration for the four speakers is shown in figure 5.
3. RESULTS & DISCUSSION
Results of the auditory transcription indicated
rather similar eight-tone systems for the four
speakers, with some between-speaker differences.
(In the absence of data from more speakers, it is not
of course possible to know whether these betweenspeaker differences represent differences betweenor within-varieties.)

Figure 5: Normalised tonal acoustics for eight tones of four Taizhou speakers ( SH YZ FQ SZ ) with two
laryngealised tones. x-axis = normalised duration, y-axis = z-score normalised F0, dotted lines = larygealisation.

The description of the individual tones is best
done in conjunction with the normalised tonal
acoustics in figure 5. Typical of many Wu dialects,
all speakers had the typical Wu tone template of two
upper and lower register sets of tones, including an
upper and lower pair of short tones [11, 21]. The
short upper tone had either a level or a slightly
falling pitch in the top of the speakers’ pitch range: 5
~ 54 , e.g. [p ʔ] ~ [p ] pen 笔, [çʏ ʔ] blood 血. The
short lower tone had a level or slightly rising pitch
in the speakers’ lower pitch range: 23 ~ 2, often with
whispery voice, e.g. [b ], white 白, [d ] read 读.
Notable was that many of the short tone tokens
lacked the expected final glottal-stop which occurs
in other Wu varieties which have preserved short
reflexes of the Middle Chinese (MC) ru category.
All speakers also shared a high level tone (55 ~ 44)
and a (often whispery) low rising tone (23 ~ 113) as
reflexes of the MC categories yinqu and yangqu
respectively. High level examples are [ʨ ŋ] correct
正, [ʨy] expensive 贵. Low rising examples are [l ]
road 路, [di] ground 地. The reflexes of MC
yinping, which can be summarised as upper-falling,
have high or mid falling pitch followed by varying
degrees of final pitch rise: SH 51(1), YZ 322, FQ
433, SZ 434). Examples are [ʔe] safe 安, [t ŋ] a
surname 丁. Variation in the low-falling tone (<
MC yangping) is similar to the upper-falling, with
whispery voice: SH 211, YZ 212, FQ 21~11, SZ
213. Examples are: [g ŋ] poor 穷, [b ŋ] level 平.
The upper laryngealised tone (< MC yinshang)
shows between-speaker differences in relative pitch
height of its two portions. In SH YZ and FQ, the
first is high and the second lower; in SZ the second
is higher. Speakers also differ in recovery of modal
F0 in the second portion: SH FQ and SZ mostly
recover modal phonation but YZ has creaky voice
phonation to the end of the syllable. This variation
can be represented as 5ʔ3 ~ 5ʔ2 (SH FQ); 5ʔ
5ʔ 1
(YZ); 3ʔ4 (SZ). Examples are [kuʔu] ancient 古,
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[ʨ ʔŋ] tight. The lower laryngealised tone shows
parallel variation to this, but with a lower first
portion, often showing a rising pitch from wordinitial depression [22]: 23ʔ2 (SH FQ); 3ʔ1 (
2ʔ3
ʔ
ʔ
(SZ). Examples are: [ŋ ŋ] five 五, [lɐ ʊ] old 老.
Given the involvement of what sounds like
glottal-stop and creaky voice in the realisation of the
two laryngealised tones, the most likely cause is
ventricular incursion. It has been demonstrated in
many laryngoscopic studies, e.g. [7, 8], that the
ventricular folds are centrally involved in the
production of both glottal-stop and creaky voice [9],
whereby the false vocal folds are medially adducted
to load the vocal folds, the damping resulting in
irregular lower frequency oscillation (creak, creaky
voice), or its cessation (glottal-stop). A sensible
inference would be that the laryngealised tonal
acoustics demonstrated in this paper result from a
constricting epilaryngeal tube gesture of the
ventricular folds initiated just after onset of
phonation, then withdrawn in SH FQ and SZ, and
partially withdrawn in YZ. Following [9, table 2] the
superscript ʔ symbol was chosen to reflect this
phonemically.
4. SUMMARY
Prompted by Chao’s 1928 description of Huángyán,
this paper has described the tonal acoustics of four
speakers that appear to show the same tonation, and
hypothesised that the observed larygealisation is due
to ventricular incursion. This tonation is probably in
decline: of the 19 other Táizhou speakers
investigated, a few – from sites in Xiānjū county –
showed larygealisation only in the upper tone. The
remainder – including speakers from Huángyán
county where the tonation was originally
documented – have none [13]. Consonant with the
Endangered Languages theme of this conference,
perhaps one should speak in this case of endangered
tone.
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at the properties of stimuli generated by KlattGrid
and also compares them with those of stimuli generated by another voice quality synthesizer, the UCLA
voice synthesizer [15], as a case study for looking at the promise/challenge of synthesis tools for
voice quality perception. I show that in some
cases, KlattGrid synthesis parameters don’t necessarily have a clear/straightforward relation to acoustic properties most relevant for actual human speech
production and perception, and I enumerate desiderata for the further development of voice quality synthesis tools.
Work on the role of creak and breathiness in tonal
perception offers a useful case study for thinking
about what is needed from voice quality synthesis
tools. First, the synthesizer needs to be able to manipulate f0 and other voice source parameters independently. This is because of two key research questions seeking to disentangle f0 from other acoustic properties in tone perception: (i) how is creak
integrated with f0 in the perception of low tones
[19, 20, 10], and (ii) assuming there are acoustically well-defined kinds of creak (including some
with low f0, and others without), how these kinds interact with tone category perception [13, 4, 10, 27].
[8]’s early study of creak in Mandarin tone perception resynthesized (“biphasic”) creak by halving
f0—back then, tools were not available to separate
creak from f0 manipulation.
Second, in order to assess the linguistic role of
kinds of creak, the synthesizer needs to be able to
be able to generate distinct exemplars of these different kinds. Few tone perception studies have distinguished kinds of creak. One kind of creak that
could shed light on the integration of f0 and creak in
tone perception is multiply/doubly pulsed (perioddoubled) creak. Period-doubled creak consists of alternating longer and shorter pulses and/or higher and
lower amplitudes, and importantly is not contingent
on low f0 [7, 16, 13]. [26] used a library of perioddoubled creak examples to show that listeners are
sensitive to non f0-contingent creak in the contrast
between T21 (often creaky) and T22 in Cantonese.
However, as pointed out in [27], the use of natural
productions of period-doubled creak there may have

ABSTRACT
This paper illustrates capabilities and limitations of
current voice synthesis software via a meta-analysis
of acoustic properties of perceptual stimuli used to
study the role of creaky and breathy voice quality
in linguistic tone perception. The KlattGrid synthesizer in Praat allows the manipulation of parameters
directly indexing sub-classes of creaky voice quality, but it’s unclear that the parameters index acoustic properties of these sub-classes as they occur in
natural speech. The UCLA voice synthesizer better enables targeting of particular individual spectral components than KlattGrid in the synthesis of
breathy voice quality.
Keywords: synthesis, perception, voice quality,
creak, tone
1. INTRODUCTION
Acoustic properties involved in voice quality affect
listeners’ perceptual judgments of a diverse range
of properties of interest across different fields [18].
Yet, designing stimuli for perception experiments involving these properties remains challenging. As
a case in point, [1] resorted to creating perceptual
stimuli with vocal fry by asking speakers to mimic
what they observed in video clips from the Internet. [1] had considered another option: to draw on
speech samples with varying voice source characteristics from a corpus of natural speech. But they
pointed out that it can be difficult to isolate particular
properties of interest from other potential confounding acoustic properties in natural speech. And the
authors of [1] were unaware of existing voice quality synthesis software that would offer fine control
over specific parameters and thus potentially avoid
such confounds. Recent perceptual studies on the
role of creak and breathiness in linguistic tone perception have taken advantage of exactly this kind
of synthesis software, e.g., [3, 5, 19, 20, 10], particularly the widely used synthesizer developed in
[14] as implemented in Praat [2] by [25] (henceforth
“KlattGrid”). This paper thus takes a closer look
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mental period). [27] also synthesized breathy stimuli by increasing breathiness amplitude AH (amplitude of turbulent aspiration noise added to voicing),
TL, and OQ. [3] synthesized breathy stimuli for
Cham register perception by increasing AH and TL.
KlattGrid parameters used in [3, 10, 27] were
individually manipulated to observe how they affected the acoustic parameters used to characterize
the voice quality model in [17], using the settings
shown in Table 1. These settings were chosen based
on ranges and defaults in [3, 10, 27]. They were
implemented together with two constant settings for
formants (F1-F4) and f0 meant to model a man (M)
and a woman (W), based on average values for [A]
from men and women in [9]. Bandwidths (B1-B4)
were set to defaults from the original KLSYN88
code.

included stimuli with some mix of period-doubled
creak and other kind(s) of creak. To circumvent confounds like this introduced by relying on naturally
produced sitmuli, [10, 27] used KlattGrid to create different kinds of creak in studies of Mandarin
and Cantonese tone perception. (The UCLA voice
synthesizer currently isn’t designed to tackle creak
synthesis). Unlike [26], [27]’s (synthesized) perioddoubled stimuli had little effect on inducing T21 responses in Cantonese. Similar results were found in
[10] in Mandarin, for Tone 3. To probe these potentially conflicting results, we need to understand
the property of period-doubled stimuli synthesized
by KlattGrid.
Third, the synthesizer needs the extensibility to
accommodate ongoing development and refinement
of hypotheses about the acoustic parameters that underlie the role of phonation in tone perception. This
is because development in our understanding of the
phonetic spaces for voice quality is highly active.
The development of [17]’s psychoacoustic model of
voice quality has been grounded in perceptual experiments using the UCLA voice synthesizer to manipulate individual spectral components.
In the rest of the paper, I present analyses of the
acoustic properties of stimuli generated by KlattGrid
and the UCLA voice synthesizer—both synthesizers that allow the manipulation of f0 independently
from other voice source parameters, using the methods described in §2. The first case study (§3.1) studies the acoustic properties of KlattGrid-generated
period-doubled stimuli. The second (§3.2) compares
acoustic properties of KlattGrid-generated stimuli to
those of stimuli generated by the UCLA voice synthesizer in [5]’s Experiment 2 on the role of breathiness in Hmong tonal perception. Supplementary
materials including code, additional detail on methods, and additional results can be found at the OSF
repository at https://bit.ly/2HPXmvd.

Table 1: Settings for generating continua for
KlattGrid synthesis experiments. M=man, W =
woman.

Parameter
TL (dB)
OQ (%)
FL (%)
DI (%)
F0 (Hz)
AH (dB SPL)

Default
0
0.7
0
0
126 (M)
212 (W)
0

Range / Increment
[0,50] / 1
(0,1] / 0.05
[0,1] / 0.05
[0,1] / 0.05
[40,500] / 20
[0,75] / 1

Acoustic voice quality measures Acoustic voice
quality measures of the synthesized sounds were
computed using VoiceSauce [22] under default settings. F0 was measured with Straight [11]; formants
were estimated using Snack [23], and all parameters were computed except for epoch and excitation
strength. Parameter values were extracted as means
over 9 uniform time slices over the vowel, as well as
mean values over the entire vowel. Harmonic amplitude measures reported are uncorrected for interactions with formants since vowel quality was constant
and low across generated sound files. All statistical
analyses were implemented in R [21].
Individual linear regression models were computed for each measured VoiceSauce parameter (estimated mean over the entire vowel) in [17]’s model,
for each manipulated Klatt parameter. Results are
summarized using linear regression coefficient plots
[6], which visualize how much a unit of change
in the manipulated synthesizer parameter affects
acoustic voice quality parameters measured using
VoiceSauce. Coefficient values are shown together
with 95% CIs. The further to the left or right the

2. METHODS
KlattGrid synthesis parameter settings [10, 27]
manipulated particular KlattGrid parameters (indicated by bold-face font) to create different kinds
of creak; parameter definitions from [14]. Perioddoubled creak was synthesized by increasing DI
(double pulsing: temporal offset and reduced amplitude of alternate periods), constricted/tense voice
by decreasing OQ (open phase (or open quotient):
ratio of open period to total period) and TL (spectral tilt: extra spectra tilt of the source (dB down at
3 kHz)), and irregular f0 by increasing FL (flutter:
slowly varying statistical fluctuations to the funda-
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relative to the input F0 value for non-zero DI values. If f0 is computed using [24]’s Subharmonic-toHarmonic ratio, f0 for the man setting doubles as DI
increases and is constant at 105 Hz for the woman
setting for DI>0.25.

coefficient is from the dashed line of 0, the bigger a change in the acoustic parameter effected by
a change in the synthesis parameter.
Coefficient plots show results for selected acoustic measures: acoustic components in the psychoacoustic model of voice quality proposed in [17, Table 1]. These acoustic measures are grouped as
follows: (i) harmonic source/spectral shape (H1H2, H2-H4, H4-2kHz, 2kHz-5kHz), (ii) inharmonic
source excitation (harmonic-to-noise ratios, e.g.,
HNR05/15/25/35 as measured using Voicesauce),
(iii) time-varying source characteristics (f0 and amplitude parameters), and (iv) the vocal tract transfer
function (formant frequencies, spectral zeroes, and
bandwidths)). H1, H2, and H4 are the amplitudes of
the first, second, and fourth harmonics, respectively;
2kHz and 5kHz indicate the harmonics closest to
2kHz and 5kHz, respectively. Uncorrected measures
are indicated with a “u”, e.g., H1H2u for H1-H2, uncorrected.

Figure 1: Linear regression coefficient plot for
harmonic and inharmonic source component values as a function of DI in range [0.25,1] over [A],
M = man, W = woman.
W
M

H1H2u

W
M
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H42Ku

H2KH5Ku
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HNR15
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M

3. RESULTS AND DISCUSSION
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HNR25

3.1. Manipulation of KlattGrid DI parameter

W
M

HNR35

The effect of varying the KlattGrid period-doubling
DI parameter from 0.25 to 1 on harmonic and inharmonic source components is shown in Figure 1.
Increasing DI resulted in increases in harmonic-tonoise ratios and large increases in (uncorrected) H1H2. DI values below 0.25 were excluded because
Straight-computed f0 values were halved with respect to input F0 values for DI≥0.25; including DI
values below 0.25 thus resulted in sharp discontinuities (i.e., nonlinearity) in acoustic measures as a
function of DI.
In comparison, [13, Table 1] characterizes perioddoubled (multiply pulsed) creak as having high
noise (low HNRs) and low H1-H2 values, presumably relative to modal speech. If we take the DI=0
setting to be the baseline modal comparison (H1-H2
= 0, since TL=0, see Table 1), results show that
setting DI>0 does result in lower H1-H2 values,
since H1-H2u drops from 0 to -15dB with DI=0.25,
but that H1-H2 steadily increases as DI does for
DI≥0.25. DI>0 also results in higher HNR, so
lower noise, rather than high noise. It is thus unclear that manipulating DI values produces acoustic
consequences expected for period doubling, as described in [13]. What is clear is that since both HNR
and H1-H2 are dependent on computed f0, the definition of period doubling in terms of these measures
is critically dependent on how f0 is computed. How
f0 should be computed is unclear. If f0 is computed
using Praat or Snack instead of Straight, f0 is halved

W

-10

0

Regression coefficient

10

3.2. Comparison between KlattGrid and UCLA voice
synthesizer in parameters for breathy voice quality synthesis

[5]’s Experiment 2 used the UCLA voice synthesizer to synthesize five different continua to investigate the perception of the breathy falling tone contrast in White Hmong. These continua individually varied the following harmonics: H1 to increase
H1-H2; H2, to increase H1-H2 and decrease H2H4; H4, to increase H2-H4 and decrease H4-2kHz;
2kHz, to increase H4-2kHz and decrease 2kHz5kHz; and 5kHz, to increase 2kHz-5kHz. Figure 2
shows coefficient plots for these five different manipulations (labeled by the harmonic varied) for harmonic and inharmonic source components. Individual parameter manipulations primarily isolated the
desired spectral components, e.g., the largest coefficient value for H1 manipulation is H1H2u; the
largest coefficient values for the H2 manipulation
are for H1H2u and H2H4u. However, Figures 2
also shows that a dB increase in H1 results in over
a half decibel HNR05 decrease. Spectral manipulations can also have quite large effects on F1 and F2
(see repository).
Breathy stimuli in tone/register perception have
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been synthesized with KlattGrid by increasing TL,
OQ, and AH [3, 27]. Thus, for comparison with
the coefficient plots for the UCLA voice synthesizer,
Figure 3 shows how changing TL affects acoustic
measures. A change in TL targets H1H2u as well
as H2H4u, and also H2KH5Ku and HNRs. Similarly, an increase in OQ results in large (and highly
variable) changes in H1H2u, H2H4u, H42Ku and
H2KH5Ku (see repository). The comparison verifies that the UCLA voice synthesizer better enables
the targeting of individual spectral components identified in [17]’s psychoacoustic model of voice quality than the KlattGrid synthesizer.

Figure 3: Linear regression coefficient plot for
harmonic and inharmonic source components as
a function of KlattGrid TL over [A].
W
M

H1H2u

W

Measured acoustic parameter

H2H4u

Figure 2: Linear regression coefficient plot for
harmonic and inharmonic source components as
a function of the five spectral parameters manipulated using the UCLA voice synthesizer in [5].
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samples, [16] found that “no consistent association
exists between patterns of period and amplitude alternation”. However, DI simultaneously sets both
amplitude and period modulation: they can’t be independently manipulated [14, 25]. DI does isolate a well-defined acoustic property, and perceptual experiments manipulating DI certainly inform
us about the perception of period-doubled creak.
But the relation between DI and naturally produced
period-doubled creak isn’t a transparent one.
What will it take for there to be a synthesis tool
that can model acoustic properties of naturally produced period-doubled and other kinds of creaky (and
breathy) voice quality? Further acoustic examination of libraries of naturally-produced creaky (and
breathy) voice quality, especially since it may be that
in defining kinds of creak where f0 is ill-defined,
acoustic parameters beyond those dependent on f0—
perhaps even parameters not yet identified in current
models of voice quality like [17]—may be needed.
Concomitantly, the final aforementioned desideratum: synthesis software with the extensibility to accommodate ongoing development and refinement of
hypotheses about acoustic and perceptual properties of distinct kinds of creak. Ideally, this means
voice synthesis software that is open source, crossplatform, and welcoming to user contributions.

H2
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5kHz

H4

H42Ku

0.0

Regression coefficient

0.5
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4. CONCLUSION
This paper has presented a small meta-analysis of
recent work on the role of creaky and breathy voice
quality in tonal perception to highlight what is still
needed in developing voice quality synthesis tools.
The synthesizer needs to be able to manipulate f0
and other voice source parameters independently.
KlattGrid and the UCLA voice synthesizer offer
this ability (see repository for validation). (The
MATLAB-based synthesizer, Tandem-STRAIGHT
[12], does as well, but isn’t capable of direct manipulation of acoustic parameters.) The synthesizer
also needs to be able to be able to generate distinct kinds of creak. §3.1 suggests that KlattGrid
DI does not clearly effect acoustic qualities expected
for period-doubled creak from [13]. Moreover, in an
examination of naturally produced period-doubled
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ABSTRACT
While studies have demonstrated that infants,
children, and young adults are capable of statistical
learning (SL), it is unclear whether the ability is
preserved in older adults and if so, whether they
might show a decline. The present study investigates
this directly by comparing young and older adults on
a standard SL task (word segmentation task). Our
results indicate that both age groups did not differ
significantly in their overall performance. The two
groups, however, differed in their performance on the
two distractors used in the task. Furthermore, higher
working memory was associated with better SL
among older adults, but no such association was seen
among young adults. Altogether, this suggests that SL
ability is preserved among older adults, but they may
be using a different strategy/mechanism compared to
young adults, presumably due to age-related decline
in the relevant brain structures supporting SL.
Keywords: Statistical learning; older adults; ageing;
working memory; individual differences
1. INTRODUCTION
Statistical learning (SL), or the acquisition of
knowledge based on regularities and patterns in the
input, plays an important role in language acquisition
and processing. For instance, SL is implicated in
learning phonetic categories [16, 11, 20], word
segmentation from continuous speech [26, 27], the
acquisition of grammatical categories [18, 25], and
accent adaptation [13, 15]. Majority of the SL
literature focused on infants, children, and young
adults, and the findings indicate that they are capable
of SL. Importantly, from infants to adulthood,
learners do not differ in their SL performance [27],
suggesting that SL is age-invariant (though this
appears to be modality-dependent [24, 30]).
Comparatively, little is known about SL among
older adults. On the one hand, older adults may show
a decline in SL due to age-related decline in memory
[32], which is hypothesised to be an important
component according to several SL models [1, 33,
34]. On the other hand, some suggest that SL is
governed by two distinct mechanisms—an implicit
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and an explicit process [6]—and so older adults may
compensate for their SL performance by relying on
mechanism that is spared from age-related decline. A
thorough understanding of this issue is necessary as it
has implications for second language acquisition and
language processing among the elderly.
Studies from the implicit learning (IL) literature
may shed light on this issue. IL, or the ability to learn
without conscious awareness, is an ability that is
closely related to SL. Indeed, some suggest that the
two abilities may in fact share underlying processes
[22]. Older adults are able to perform IL tasks such as
the serial-reaction time task (SRTT) to the same
degree as young adults, especially when the task
contains simple, deterministic patterns. However,
older adults show worse performance than young
adults when the input contains complex, probabilistic
patterns [12]. In other words, IL appears to be
preserved among older adults, but age-related deficit
is seen under challenging IL conditions.
The few studies that investigated SL among older
adults report that the ability is preserved but some
age-related differences are seen [4, 19, 21] For
example, when participants were presented with two
visual streams and were told to only attend to one of
the streams while performing a cover task, older
adults learned the statistical regularities of both
streams whereas young adults only did so for the
attended stream [4]. This was argued to be a direct
consequence of an age-related decline in inhibitory
control; that is, older adults were presumably less able
to inhibit their attention to the unattended stream and
thus acquire its regularities. In the auditory domain,
using a word segmentation task, older adults show
worse performance than young adults under
challenging or cognitively demanding conditions
[21]. Taken together, this suggests that subtle
differences in SL may be seen between young and
older adults, particularly when the relevant cognitive
processes involved in SL show age-related decline.
However, before such a conclusion is reached, it
is important to address certain methodological issues
of previous studies. In a study that is directly relevant
to the present study [21], participants completed the
SL task four times, each under different conditions.
Even though different languages were used, and the
order of the conditions was counterbalanced,

expectations may arise as a result of completing the
tasks multiple times. Furthermore, there were only
four words in each language, and each word was
repeated 108 times during exposure. Thus, the
relatively easy learning conditions may have masked
other potential age-related differences. In the present
study, young and older participants completed one SL
task with six words, with each word presented less
frequently (32 times) during exposure, in order to
determine whether learning still occurs under more
challenging conditions, and if so, whether there might
be differences between the two age groups.
As a secondary question, we investigate whether
working memory (WM) may be involved in SL as
equivocal findings have been reported in the literature
[21, 31]. This may be a result of the different WM
tasks used, which may tap into different aspects of
WM. Here, we seek to shed light on this issue by
using a WM task that has not been used in the
literature that involves both storage (as would be the
case with certain WM tasks such as digit span used in
previous studies) and manipulation of the stored
information.

the six trisyllabic words concatenated with no pauses
and in a pseudorandomised order such that no two
consecutive words were the same. Thus, the
transitional probability (TP) between syllables within
a word is 1.0 whereas TP across words is 0.2. Each
word appeared on the exposure stream 32 times in
total, with the total exposure period being not more
than 3 mins in duration. Participants then completed
a two-alternative forced choice test: in every trial, a
word and a distractor were presented, separated by a
500ms pause and their presentation order
counterbalanced. Participants indicated which of the
two sounded like a word from the monotone language
and they were encouraged to guess if they were
unsure. There were six distractors in total: three partwords and three nonwords. Part-words were formed
by concatenating a final syllable from a word and the
first two syllables of another word (e.g., bulitu from
nalubu + lituma) whereas nonwords consisted of
syllables that never followed each other in the
exposure stream (e.g., mutila from mubita + pitinu +
gupala). Each word was paired with a distractor
exhaustively, resulting in 36 test trials in total.
Accuracy was coded as 1 (correct) and 0 (incorrect).

2. METHOD
2.2.2. Working memory
2.1. Participants

Twenty young adults (14 females) and 20 older adults
(12 females) participated in the experiment. The
young adults (Age: M= 23.15, SD= 2.94, Range= 2029) were undergraduates from a local university
whereas the older adults (Age: M= 67.90, SD= 6.18,
Range= 60-87) were recruited from the community.
All the older participants were cognitively healthy at
the time of testing, as indexed by their Mini Mental
State Examination-2 (MMSE-2) scores (Range= 2730). All participants provided their written informed
consent prior to participating in the research and they
were reimbursed for their participation.
2.2. Tasks

Working memory (WM) was measured using the
Auditory Working Memory subtest from WoodcockJohnson Tests of Cognitive Abilities (3rd Edition). In
each trial, participants heard a list of objects and
digits. At the end of each list, participants recalled the
objects first, in the order that the objects were
presented, and then the digits, in the order that the
digits were presented. Thus, this task requires
participants to store and manipulate the words in the
list. The number of words in each list ranged between
three and eight. For each list, two full points were
awarded for correct recall of objects and numbers.
One point was given when they correctly recalled
either the objects or the numbers.
2.3. Procedure

2.2.1. Word segmentation
The task was modelled after previous studies [24, 27].
The language consists of six trisyllabic CVCVCV
pseudowords (mubita, pitinu, nalubu, gupala, bapugi,
and lituma) that were synthesised using Mac OS X
Speech Service with a female voice. For each
syllable, its duration was edited to approximate
280ms, its pitch contour was levelled at 170Hz, and
its amplitude was normalised at 70dB.
The task consisted of two parts: exposure and test.
In the exposure phase, participants were instructed to
listen to a monotone language and to try and pick out
the words. The exposure speech stream consisted of
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Participants completed the tasks as part of a larger
study on language learning and cognition. The tasks
were completed within a single session and the word
segmentation task was always presented first.
3. RESULTS
Following previous studies, we first analysed the data
using a series of t-tests. For nonword trials, young
adults (t(19)= 4.82, p< .001) and older adults (t(19)=
2.45, p= .024) performed above chance, and two
groups did not differ significantly from each other

(t(38)= 1.58, p= .122). For part-word trials, young
adults did not perform above chance (t(19)= 0.07, p=
.94) whereas older adults did (t(19)= 3.27, p= .004),
but the two groups did not differ significantly from
each other (t(38)= -1.91, p= .063).
Data were then analysed using mixed effects
logistic regression models using lme4 package [10] in
R [23]. Pairwise comparisons were done using
lsmeans package [14]. The dependent variable was
Accuracy, a binary outcome. The predictors
Distractor (Nonword/Part-word) and Age Group
(Young adults/Older adults) were effect-coded
whereas WM was centred by Age Group. All
predictors as well as all possible interactions were
included in the model. The random structure included
random intercepts by subject and by item as well as
random slopes for Distractor by participant and Age
Group by item. The model output is displayed in
Table 1.

confirming the interaction seen in the full model. The
only significant predictor was WM (ß= 0.06, SE=
0.02, p= .002). This suggests that the main effect of
WM in the full model is driven predominantly by the
older adults.
Figure 1: Proportion correct on the word
segmentation task by Age Group and Distractor
Type. The dashed line represents chance
performance.

Table 1: Model output of the mixed effects logistic
regression.

Predictors

Estimated ß
(SE)
(Intercept)
0.36 (0.09)
Distractor
-0.15 (0.09)
Age Group
0.02 (0.07)
WM
0.05 (0.02)
Distractor × Age Group 0.17 (0.07)
Distractor × WM
0.00 (0.02)
Age Group × WM
0.01 (0.02)
Distractor × Age Group -0.02 (0.02)
× WM

z-value
3.98***
-1.79†
0.27
3.14**
2.57*
0.25
0.75
-1.05

4. DISCUSSION

Note: *** p< .001, ** p< .01, * p< .05, † p< .1

We found a marginal main effect of Distractor,
which was qualified by a Distractor × Age Group
interaction (see Figure 1). Among young adults, their
performance on nonword test trials were significantly
better than that on part-word test trials (ßdiff= 0.65,
SE= 0.21, p= .002) whereas no difference between
the distractors were seen among older adults (ßdiff= 0.04, SE= 0.23, p= .867). We also found a significant
main effect of WM such that the higher their WM, the
better their performance on the task. (Note: the same
pattern of results was obtained when the outliers seen
in Figure 1 were removed.)
We modelled the data separately for each Age
Group to verify the results of the interaction. For
young adults, only a main effect of Distractor was
found (ß= -0.33, SE= 0.11, p= .004) such that
nonword trials were performed better than part-word
trials. No main effect of WM was found (ß= 0.04,
SE= 0.03, p= .127). For older adults, there was no
main effect of Distractor (ß=0.02, SE= 0.11, p= .866),
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The present study investigated whether there is an
age-related decline in statistical learning (SL) and
whether working memory (WM) is associated with
SL. Our findings indicate that SL was preserved
among older adults and they showed similar overall
SL performance to young adults. However, some
subtle differences were found between the two age
groups. Specifically, (i) older adults did not show the
expected difference between nonword distractor trials
and part-word distractor trials seen among young
adults; and (ii) WM appears to be associated with SL
performance among older adults and not young adults
(though it should be noted that an Age Group × WM
interaction was not significant in the full model and
so this should be interpreted with caution). These two
findings are discussed in more detail below.
4.1. Differences in the distractor type performance

Consistent with previous studies, young adults
were more accurate on nonword distractor trials than
part-word distractor trials [27]. This finding is
unsurprising given that the differences in TPs
between words and nonwords are larger than that
between words and part-words. In other words, the
nonword trials are objectively ‘easier’ than the
partword trials, at least if one were to approach the
test trials using TPs. Older adults, however, did not
show a difference between the two distractor trials,

which suggests that older adults may be using a
different strategy/mechanism to complete the task.
While unexpected, similar findings were reported in
memory research: in these studies, adults were shown
images that belong to certain categories (e.g., cats,
books, etc.) and then later they were shown a series
of images and they had to decide whether they have
seen the images before. At test, the images could be
old (i.e., an old image of a cat seen during the
exposure phase), new but from a related category
(i.e., a new image of a cat), or new from an unrelated
category (e.g., an image of an umbrella). Whereas
young adults showed the expected differentiation in
behavioural and neural responses to the new-related
and new-unrelated lures, older adults did not [2],
suggesting that the two lures were processed similarly
by older adults.
Several explanations have been offered to explain
the differences in performance between young and
older adults in memory research [9]. Two such are: (i)
older adults engage in hyper-binding; and/or (ii) older
adults tend to use gist-based processing. We argue
that these explanations are similarly applicable to our
findings. Hyper-binding, or the encoding of irrelevant
associations in the input, appears to be more prevalent
among older adults, presumably due to the
deterioration of their inhibitory control [5]. In our
case, it may be that the older adults bound irrelevant
information (i.e., syllables) across the entirety of the
language such that nonwords no longer have zero
TPs, resulting in those distractors to be similar in
difficulty as part-words.
Another explanation relates to the tendency of
older adults to use gist-based processing. This
tendency may result from older adults encoding the
input more poorly than young adults, leading to a
weaker memory trace of the input [8]. As a result,
older adults are said to rely on a sense of ‘familiarity’
in making a memory judgment as opposed to
recalling item-specific memory traces. In our case, it
may be that the older adults were processing the test
items based on a holistic, familiarity judgment rather
than on the exact differences in TPs between the
syllables, which would require retrieving itemspecific traces of the syllables encountered during the
exposure phase. This is not to say that older adults do
not use TPs – they clearly do, as they are still able to
discriminate words from the distractors—but rather,
their use of TPs for discrimination judgment is not as
fine-grained as that of young adults. This lack of finegrained discernment was similarly reported in an
artificial grammar learning task [29], in which older
adults show a smaller difference than young adults in
their grammaticality ratings between grammatical
and ungrammatical strings. Thus, consistent with our
interpretation, older adults in that study were able to
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utilise statistical information to learn the overall
grammar but they were less sensitive to the grammar
than young adults.
4.2. Difference in the involvement of working memory

Our results also indicate that young and older
adults differed in how WM was associated with their
SL performance; specifically, there was no
association between WM and SL among young
adults, but there was a positive association for older
adults. This suggests that older adults may be using a
different strategy than young adults when performing
the SL task. While the current study does not allow us
to differentiate what strategy was used by the older
adults, we could speculate why they may use a
different strategy. The segmentation task is said to be
supported by the MTL, in particular, the hippocampus
[28, 35]. Given that these areas are prone to agerelated decline, we speculate that older adults engage
their PFC as a compensatory mechanism when
performing the task. This view is consistent with
several cognitive ageing hypotheses, in which it is
argued that that age-related decrease in one area of
the brain is compensated by an increase in the
(pre)frontal area [3, 7]. Given that the PFC is
implicated in complex cognition such as executive
functions and cognitive control [17], the WM task in
the present study may thus be tapping into the same
processes involved in the PFC, which would explain
the positive relationship between WM and SL for the
older adults. However, the interaction between Age
Group × WM in the full model was not significant
(which may presumably be due to lack of statistical
power) and thus this pattern of results should be
interpreted with caution.
5. CONCLUSION
Our preliminary results indicate that there are
similarities and differences between young and older
adults in their SL ability. While the two groups did
not differ in their overall SL performance, older
adults did not show the expected difference in
performance among different distractor trials that was
seen among young adults. Furthermore, when the
results were analysed separately, a significant
positive association between WM and SL was seen
among older adults but not among young adults. We
propose that these subtle differences between young
and older adults are due to a change in
strategies/mechanisms to perform the SL task, which,
we argue, result from a shift from using the MTL to
the PFC to perform the task. Further studies are
needed to corroborate this claim and to determine
precisely the strategy used by older adults when
engaging in SL.
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ABSTRACT
Stop voicing contrasts are very common in the
world’s languages and the perception of acoustic cues
underlying these contrasts has been examined
thoroughly with voice onset time (VOT) as the
primary cue. While previous neurophysiological
studies have revealed the cortical correlates of VOT,
much less is known about how this critical voicing
feature is encoded at the subcortical level. This study
presents preliminary findings of auditory evoked
potentials measuring activity from the brainstem of
four neurotypical subjects to a VOT continuum (/ba//pa/). Spectrotemporal information corresponding to
stop release and the onset of voicing was identified in
the brainstem responses, and responses were
compared across stimuli with respect to the duration
between these two acoustic landmarks. Results show
systematic changes in brainstem functions in
response to the VOT alterations in the stimuli
suggesting a high degree of neural synchrony to the
timing of acoustic features at the brainstem level.
Keywords: Auditory brainstem response, VOT, Stop
voicing, EEG.
1. INTRODUCTION
Consonant voicing contrasts are very common in the
world’s languages [1] and the perception of acoustic
cues underlying these contrasts has been examined
thoroughly with VOT as the primary cue [2]. Given
its significant function in nearly all languages, it is
important to clarify the neural encoding of this
acoustic cue. VOT is defined as the duration between
the release of the oral constriction and the onset of
vocal-fold
vibration
[2].
Previous
electrophysiological studies have demonstrated the
neural representation of VOT using the cortical
auditory evoked potentials [3,4,5]. The N1
component is shown to reflect the basic encoding of
acoustic information in the central auditory cortex [6],
and it is sensitive to fine temporal events [3,7].
Changes in latency and/or morphology of the N1 have
been shown to coincide with a change in perception
from voiced to voiceless stop initials, with short
VOTs eliciting a single-peak N1, but long VOTs
eliciting a double-peak N1 [3]. However, other
studies have reported a single peak for N1 for both
short and long VOTs, with its amplitude varying as a
function of the VOT values [4,5]. The longer the VOT,
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the larger the N1 amplitude [5]. Despite the mixed
findings, these studies overall suggest that the cortical
potentials N1 is able to encode VOT information,
including the morphology/amplitude changes
corresponding to different VOTs.
Much less is known about how this critical cue is
encoded at the brainstem level, however. Unlike their
cortical counterparts, the auditory brainstem
responses (ABR) closely mimics the spectrotemporal
properties of the original auditory stimuli [8], to the
extent that listeners can recognize words from the
neural responses that have been converted into sound
stimuli. One of most extensively studied speech
sounds in ABR research is the syllable /da/ [9,10].
ABR to /da/ includes both transient and sustained
response, with the transient onset response
corresponding to the stop burst associated with /d/,
and the sustained responses reflecting phase-locked
neural activity (usually referred to as frequencyfollowing response) to the periodic features contained
in the vowel segment /a/, i.e. fundamental frequency
(f0) and its harmonics [8]. Previous studies have
mainly focused on ABR to alterations in spectral cues
[10,11], and how ABR changes in response to
temporal cues e.g., VOT remains largely unexplored.
To the best of our knowledge, this study is among the
first to explore brainstem encoding of VOT variation.
2. METHOD
2.1. Participants
Four Cantonese-speaking young adults (age: 22.8 ±
2.1, males = 2) participated in the experiment. All
reported normal hearing and, no previous history of
neurological or psychiatric illness.
2.2. Stimuli
A /ba/-/pa/ continuum differing only in VOT was
created using the Klatt-style synthesizer implemented
in Praat 6.0.36 (Boersma and Weenik 2010). Tokens
were designed to sound like a male talker. The script,
based on a script developed by Jessamyn Schertz
(https://goo.gl/27kDuT),
created
a
/ba/-/pa/
continuum with the syllable duration held constant at
315 ms and with VOT increasing at 6 ms increments.
We selected three steps from the continuum: VOT =
18 ms, VOT = 48 ms, and VOT = 96 ms, to elicit
perception of canonical /ba/, ambiguous between /ba/
and /pa/ and canonical /pa/ (Figure 1).

each stimulus. Following the practice of Skoe and
Kraus [8], the first sharp peak post stimulus onset is
associated with the broadband stop burst, and
identified as wave V-A. The V-A complex is
analogous to the click-evoked wave V-Vn complex
[8]. As can be observed in Fig. 2, peaks occur ~ 20
ms after the stop burst across three stimuli. Taking
this time lag into account, we then performed visual
inspection of the individual waveform from each
subject to identify the latency of the onset response.

Figure 1: Acoustic waveforms of each stimulus
along the /ba/-/pa/ VOT continuum.

Figure 2: Waveforms of the grand-average ABRs
of all subjects to each of the stimulus. V-A marks
the peaks of onset responses. Stimulus onset (time
= 0 ms) is indicated by the vertical dotted line.

2.3. EEG recording procedures
During EEG recording, participants were encouraged
to rest or fall asleep in a electromagnetically shielded
booth. Stimuli were presented through insert
earphones (ER-3a, Etymotic Research) to both ears at
around 80 dB SPL, using Neuroscan Stim2
(Compumedics). The order of the three stimuli were
counterbalanced across participants. The interstimulus-interval jittered between 74 and 104 ms.
Responses were collected using CURRY Scan 7
Neuroimaging Suite (Compumedics) with four AgAgCl scalp electrodes, differentially recorded from
vertex (Cz, active) to bilateral linked mastoids (M1+
M2, references), with the forehead (Fpz) as ground.
Contact impedance was less than 5 kΩ for all
electrodes. For each stimulus, 2000 sweeps were
collected at alternating polarity with a sampling rate
of 20k Hz, lasting around 30 minutes.
Filtering, artifact rejection, and averaging were
performed offline using CURRY 7. Responses were
band-pass filtered from 80 to 1500 Hz, 12 dB/octave,
and trials with activity greater than ± 35 μV rejected.
Continuous EEG was segmented into 370 ms (50 ms
pre-stimulus onset to 320 post stimulus onset).
2.4. EEG analysis
Based on the definition of VOT - the duration
between stop release and onset of voicing, we sought
to identify peak of the onset response associated with
stop burst, and the onset of the sustained responses
associated with periodic voicing feature. The latency
differences between these two onsets were then
computed to reflect VOT encoding in ABR.
2.4.1. Transient onset response
Grand-average waveforms (averaging across sweeps
and participants) for each stimulus were computed to
identify the time lag between onset response and the
corresponding stimulus landmark i.e. stop burst.
Figure 2 illustrates the average ABR waveforms to
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2.4.2. Sustained response
We adopted two measures to detect the onset of the
sustained responses in ABR, 1) cross-correlation
between response and stimulus, 2) Spectral analysis inter-trial-coherence (ITC) of the response.
Cross-correlation. Cross-correlation is a useful
tool to compare the timing and morphology of two
signals [12]. Signal 1 is shifted in time relative to
signal 2 to find the shift that produces the strongest
correlation. In the present case, the stimuli were
resampled to match the sampling rate of the response
prior to the analysis. The vowel segment of the
stimulus was spliced out and used to correlate with
the response. The vowel segment of the stimulus was

shifted in time to locate the point at which maximal
correlation was reached. In this manner, the time
point at which the response starts to follow the
periodic segment of the stimulus i.e. vowel, can be
determined.
Inter-trial-coherence (ITC). In addition to the
temporal domain, we aimed to identify the sustained
responses in the spectral domain. ITC reflects the
consistency of spectral response across trials, i.e.
responses that are phase-locked to the stimulus, with
values ranging from 0 (no phase-locking) to 1 (perfect
phase-locking) [13]. The single-trial EEG data were
decomposed into time-frequency representations
using ITC as implemented in EEGLAB [13]. This
measure represents the relative change in EEG
spectral power from baseline to stimulus period. For
each time-frequency point in the stimulus window,
the spectral power is divided by the average power in
the baseline window and transformed into a dB value
(10*log10 of the signal). Specifically, the single-trial
data were convolved using Hanning window between
100 and 500 Hz (in steps of 5 Hz) from -50 to 320 ms,
which resulted in a time by frequency matrix. Nonparametric bootstrap resampling was used to test for
significant spectral change relative to stimulus onset.
The onset of the significant ITC was then used to
indicate the beginning of the sustained responses.
By adopting measures in both temporal and
spectral domains, we hope to obtain converging
results on the onset latency of the sustained responses.
3. RESULTS
3.1. Transient onset responses

3.2. Sustained responses

A visual analysis of the first 50 ms post stimulus onset
showed the peak latencies of the onset responses to
each stimulus for each subject. Figure 3 demonstrates
the ABR waveforms of each subject to each stimulus.
As mentioned above, the time lag between stimulus
and response onsets was ~ 20 ms, therefore onset
peaks were identified by taking this lag into
consideration. The first sharp peaks appeared 20 ms
post stimulus onset were marked as V-A to indicate
onset responses.

Results from cross-correlation between response and
the vowel segment of the stimulus are summarised in
Table 1. ITC analysis was also used to determine the
onset of the sustained responses, and performed on
ABR for each subject and for each stimulus condition.
Significant ITC was tested with non-parametric
permutation. Specifically, a surrogate data
distribution was constructed by assigning each trial
with spectral estimates randomly selected from the
defined baseline (-50 to 0 ms), then averaged these
spectral estimates across trials. This process was
repeated 1000 times, and the resulting baseline ITC
distribution was used to determine the statistical
threshold (p < .001). By applying this significance
threshold, ITC spectrograms can be presented with a
statistical mask, by which non-significant spectral
changes were set to 0 dB, as shown in Figure 4. Figure
4 illustrates the ITC spectrograms to grand-average
ABR across all subjects to each stimulus. The onsets
of the significant ITC clusters for each subject in each
stimulus condition were summarized in Table 1.

Figure 3: Waveforms of each subject to each
stimulus condition a. 18 ms VOT, b. 48 ms VOT,
and c. 96 ms VOT. V-A marks the peaks of onset
responses.
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Table 1. Onset of sustained responses (in ms,
relative to stimulus onset) obtained from crosscorrelation and ITC analysis.

average ABR, and the individual ABR from each
subject to each stimulus condition are summarized in
Table 2.
Table 2. Summary of VOT encoding in ABR.

Figure 4: ITC spectrograms of grand-average ABR
across all subjects to stimulus of 18 ms VOT
(upper), 48 ms VOT (middle), and 96 ms VOT
(lower). Significant time-frequency regions are
highlighted in red while non-significant spectral
changes were set to 0 dB and masked in green.
Dotted lines demarcate the onset of speech stimulus.

4. DISCUSSION

3.3. Brainstem encoding of VOT

To estimate how different VOTs were encoded in
ABR, we computed the latency differences between
the transient onset response (associated with stop
burst) and the onset of the sustained response
(associated with onset of voicing). Onsets of the
sustained responses were obtained by averaging the
latencies derived from cross-correlation and ITC
measures (Table 1). The latency differences of grand-
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At the group level (GA in Table 2), the ABR showed
great alignment to the acoustic landmarks that define
VOT in the stimuli. That is, systematic changes were
observed in brainstem functions in response to the
VOT alterations in the stimuli, suggesting a high
degree of neural synchrony to the timing of acoustic
features at the brainstem level.
Despite this one-to-one correspondence at the
group level, we do observe great individual
variability in terms of how each subject encode
different VOT values. Specifically, subject #4
seemed to be best in synchronizing brainstem
responses to the VOT cues, whereas subject #3
appeared to have relatively poorer brainstem
encoding. The brainstem encoding of the other two
subjects were in between. Though the sample size is
very small and quantitative comparison cannot be
provided, the present findings nonetheless provide
promising grounds for future study to further examine
the brainstem encoding of VOT and its relationship
with higher level processes. Brainstem encoding has
been shown to associate with higher level functions
such as speech perception [14], reading ability [15],
and cognitive performance [16]. These findings
suggest that brainstem encoding reflects intrinsic
neurophysiology, and is an important marker for
neurophysiological function. Future studies should
report both group level as well as individual-level
results to show how good encoders and poor encoders
differ as a function of their higher perceptual
operations.
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ABSTRACT
Previous studies show that neural sensitivity to
variability in synthetic speech, measured as change
detection with the mismatch negativity (MMN), is
similar across stimuli presentation paradigms that vary
in duration and in how the speech memory trace is
constructed. Since listeners perceive naturallyproduced
and
computer-synthesized
speech
differently, likely due to the complex characteristics
of natural speech that are not captured synthetically,
results may not apply to natural speech. We examined
neural sensitivity to naturally produced Dutch vowels
varying in speaker, sex, accent, and vowel category,
and compared canonical hour-long MMN paradigms
with a novel paradigms lasting 15 minutes. Results
showed that MMN amplitudes across paradigms were
virtually identical, indicating that shorter, more
efficient MMN paradigms can be successfully adopted
to examine natural speech perception. This result has
implications for investigating populations (e.g.,
children and clinical populations) where task duration
is an important factor.
Keywords:
Mismatch
Negativity
Electroencephalogram (EEG), vowels,
discrimination, MMN paradigms

(MMN),
auditory-

1. INTRODUCTION
An essential property of speech perception is the
mechanisms through which the auditory system forms
predictions, anticipating the next sound based on the
patterns of the preceding stimuli [10]. The Mismatch
Negativity (MMN) is an automatic neural response
that indicates a change in the central auditory signal
has been detected [11, 15]. As an event-related
potential (ERP) component, it is a popular method for
examining how listeners process the auditory
properties of speech. The MMN response at the preattentive level is more sensitive to auditory changes
relative to behavioural studies that require participants
to actively and ‘consciously’ allocate their attention
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towards specific tasks [7, 16].
The main function of this response comes from
adjusting neural processes to better predict regularities
in the auditory environment [14]. It is commonly
tested with an oddball-blocked paradigm which
employs a majority of repetitive standards,
interspersed with rare deviants (between 10-20%)
[12]; however, its long duration remains a notable
limitation [12, 14]. [12] introduced a shorter
paradigm, which the authors called optimix, that
consists of an equal number of standards and total
deviants, such that every standard is followed by one
of five deviant types at random. The results suggested
both odd-blocked and optimix paradigms capture the
same cortical discrimination processes, reducing total
testing time by 75%. The presentation of multiple
changes in a relatively short time places higher
demands on the auditory processing, making it more
sensitive to minor sound changes, and thus more
informative and efficient in examining sensitivity
during discrimination of auditory stimuli [13].
However, this evidence was derived using synthetic
(computer-generated) simple and non-speech tones.
It has been shown that synthetic simple tones and
naturally produced complex speech stimuli elicit
different MMN responses [6, 17]. For example, with
naturally produced vowels, listeners are unable to
ignore irrelevant acoustic information, such as speaker
identity and voice quality (fundamental frequency,
F0) because they show larger MMN amplitude with
deviants towards deviants that index large acoustic
differences in F0 (e.g., changes in the speaker’s sex
and accent compared to the standard) [17]. However,
with synthetic stimuli, listeners show higher
sensitivity to phonemic changes (a change in vowel
category) [6]. Therefore, voice quality differences are
disregarded in synthetic speech while they are
unavoidable in natural speech [17]. Since natural
stimuli provide more realistic listening scenarios
relative to synthetic stimuli, the question remains
whether a shorter optimix paradigm using natural
speech stimuli can elicit comparable MMN responses
to its oddball-blocked counterpart.

Studies using natural speech stimuli have used
vowels that listeners were familiar with, showing that
the amplitude of the MMN response is larger when
stimuli are familiar and phonemically relevant in the
listener’s native language [6, 12, 13]. However, [17]
found no differences in the way Australian-English
(AusE) monolingual listeners process isolated Dutch
vowels, relative to native Dutch listeners. Importantly,
this may be due to the type of stimuli presentation
they chose. Therefore, a comparison between different
stimuli presentation may also shed light on non-native
listeners’ neural sensitivity to variability in naturally
produced speech sounds. This scenario with nonnative vowels, where the MMN may be reduced,
presents a good opportunity for testing whether
different stimuli presentation paradigms affect the
neural detection of variability in natural speech.
In the present study, we aim to investigate
listeners’ performance in a shorter optimix paradigm
in which listeners are presented with the same
naturally produced isolated Dutch vowels used in
[17]. Three different stimuli presentation paradigms
were used: oddball (used in most MMN studies, with
presentation blocked by deviant), mixed (used in [17],
with the length of the oddball paradigm but presenting
all deviants interspersed within the same long block),
and optimix (where a standard is always followed by
one of four deviants). Listeners were presented with
tokens of the Dutch vowel /I/ as standards together
with deviants that differ in linguistic information
(vowel), and non-linguistic information (change in
speaker, speaker’s sex and speaker’s accent).
If variation in natural speech is handled similarly
regardless of the stimuli presentation, we will find
comparable MMN response amplitudes for all three
paradigms, as was the case when synthetic and nonspeech stimuli were presented [12]. Also, if phonetic
versus phonemic variation is handled similarly across
presentation paradigms, results should align with
those of [17]. Specifically, listeners will have the
same MMN amplitudes to the changes with the largest
acoustic difference (speaker’s sex and speaker’s
accent) as reported in [17].
2. METHODS
2.1. Participants

Twenty native AusE speakers (age range: 18-25;
Mage = 24; 5 males) were recruited from Western
Sydney University in exchange for course credit. The
participants were randomly assigned to the blocked
paradigm or optimix paradigm. An additional ten
AusEng participants from [17] were taken for the
mixed condition for the three-way comparison. All
participants were given information about the study

2120

and gave voluntary written informed consent prior to
the experiment. They also filled out a language
background questionnaire which recorded their native
language and familiarity with other languages. They
reported no language or hearing impairments.
2.2. Stimuli and presentation paradigms

The stimuli were the same as those used in [17],
which were naturally produced isolated Dutch vowels
/ɪ/ and /ɛ/ from the corpus of Adank, Smits, and Van
Hout [1]. These vowels were extracted from
monosyllabic Dutch syllables /sɪs/ and /sɛs/ produced
in a carrier sentence. The standard stimulus was a
token of the Dutch vowel /ɪ/ produced by a female
speaker from North Holland (NL). Four deviant
stimuli were used: /ɪ/ produced by a female speaker
from East Flanders (VL) (change in accent), /ɪ/ from a
male NL speaker (change in sex), /ɪ/ from a second
female NL speaker’s NL (change in speaker), and /ɛ/
from the first female NL speaker (change in vowel).
Following [15] we converted F0 values to Mels and
F1, F2, F3 to ERBS (Equivalent Rectangular Band).
The vowels F0, F1, F2, and F3 and their duration are
listed in Table 1. The first 20 stimulus presentations
for all three conditions were standards.
Table 1: Duration, pitch (F0), and first three
formants of each of the five stimuli (Adapted from
[12])

Stimulus
Standard
Accent
Sex
Speaker
Vowel

Duration
(ms)
60
55
58
58
57

F0
(mel)
117
212
136
176
178

F1
(ERB)
8.82
10.55
7.57
9.25
11.2

F2
(ERB)
22.11
20.30
19.93
22.05
20.76

F3
(ERB)
23.64
24.13
22.18
24.24
23.90

Note: F0 = Fundamental frequency; F1, F2, F3 =
Formants.

Listeners in all paradigms heard a frequently
occurring standard stimulus (female NL /I/)
interspersed with infrequent repetitions of one of the
four deviant types (change in accent, speaker, sex, or
vowel). In the oddball-blocked paradigm, these speech
stimuli were presented in four separate blocked
sequences. The probability of occurrence for the
standards was 0.80, and 0.05 for each of the deviant
types. This condition had a total of 3470 stimuli,
resulting in a 35min testing time.
Similar to the oddball-blocked paradigm, the
mixed paradigm [17] consisted of a frequent standard
design interspersed with rare deviants. However, all
four deviant types were varied throughout, instead of
being presented in separate blocks. The number of
stimuli, the probability of occurrence and the testing

time remained the same as the oddball paradigm.
Listeners presented with the optimix paradigm
heard a string of vowels where the probability of
occurrence for all four deviants was 0.5, such that
every standard was followed by one of the four
deviants. The deviants were pseudo-randomized such
that in an array of 4 deviant types, each deviant type
was presented once, and two deviants of the same
category never followed each other [12]. There were
960 stimuli presented, for a duration of 12 minutes.

(obtained by subtracting the response to the standard
stimuli from the response to the deviant) for the
oddball-blocked, mixed, and optimix paradigms.
Figure 1: Difference waveforms for the oddballblocked, mixed, and optimix condition across the
electrode site of FZ for all four deviants (accent, sex,
speaker and vowel).
Oddball-blocked

2.3. EEG recording and processing

Participants were tested individually in a soundattenuated speech laboratory. They watched a selfselected muted movie with subtitles in English during
the experiment. Stimuli were presented binaurally via
Etymotic earphones with 70 dB SPL intensity.
The EEG signals were recorded from 64 active AgAgCL electrodes placed adhering to the international
10/20 placed on a cap (BioSemi), located and fitted to
the participant’s head size. Six external electrodes
were positioned above and below the left eye, on the
right and left mastoids (offline reference), and on the
right and left temple (ocular activity). The electrode
offset was held below ±50mV and the input/output
gain was 31.25 nV/bit.
Raw EEG data were pre-processed and analyzed
using EEGLAB [3] and ERPLAB [8] toolboxes, and
custom written functions in MATLAB 2017a (The
Mathworks, Natick, MA) following the data
processing pipeline from [17].
Four different waveforms were derived by
subtracting the mean deviant waveforms for each
deviant type from the standard. These were averaged
together to form grand-averaged MMN waveforms;
they were examined to find the most negative peak
within the time window 100 to 250 ms post-stimulus
onset. At the identified peak, a 40-ms window was
centered and the corresponding mean amplitude was
measured for each participant individually, serving as
a measure of MMN amplitude.
2.3.1. Statistical Analysis

The MMN amplitudes were analyzed using a 3 x 4
repeated- measures ANOVA with the between-subject
factor Group (3 levels: Oddball-blocked, Mixed,
Optimix), and within-subject factors: Deviant type (4
levels: Accent, Sex, Speaker, Vowel), Anteriority (3
levels: Frontal, Fronto-central, Central), and Laterality
(3 levels: Left, Midline, Right). For the statistical
analyses, the α-level for significance was set at .05.
3. RESULTS
Figure 1 illustrates the average MMN response waves
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Mixed

Optimix

Accent

Sex

Speaker

Vowel

A 3x4 ANOVA with the MMN amplitudes showed no
significant between-group effects on the MMN
response amplitudes, F < 1, suggesting listeners
elicited similar MMN response amplitudes across all
three paradigms (oddball-blocked, mixed and multifeature). The within subject factor of deviants
revealed a significant main effect, F (3, 81) = 17.71, p
< .001, partial n2= .40. Bonferroni corrected pairwise
comparisons revealed a significantly larger MMN
response for the deviant of sex (M = -5.27), when
compared to the other three deviants of accent (M = 3.68), speaker (M = -2.49), and vowel (M = -2.45),
across all groups (sex vs accent, p = .005; sex vs
speaker, p < .001; sex vs vowel, p < .001). There was
a significant main effect of laterality, F (2, 54) = 9.11,
p = .001, partial n2 = .25. Pairwise comparisons
suggested the midline electrodes elicited a
significantly more negative MMN response (M = 3.70), when compared to the left (M = -3.26) electrode
sites (midline vs. left, p < .001).
A significant interaction between Deviant and
Anteriority, F (6, 162) = 2.78, p = .039, partial n2=
.09, revealed the deviant types of accent and sex had
the largest MMN response among central electrodes
compared to frontal and fronto-central electrodes
(accent: central vs frontal, p = .031, central vs frontocentral, p = .003; sex: central vs frontal, p = < .001,

central vs fronto-central, p < .001).
There was a significant interaction between Group,
Deviant, and Laterality, F (12, 162) = 2.01, p = .043,
partial n2= .13. Post-hoc tests revealed this interaction
was determined by participants in the mixed and
optimix group displaying larger negative responses
across the midline compared to the left electrode sites
(mixed; left vs. mid, p = .004; optimix; left vs. mid, p
= .017). In the midline region, participants in the
mixed group displayed a larger negative response for
the deviant of sex when compared to accent, speaker
and vowel (sex vs. accent, p = .014; sex vs. speaker, p
= .012; sex vs. vowel, p = .001). Participants in the
optimix condition had a significantly more negative
response to the deviant of sex only when compared to
vowel (sex vs. vowel, p = .019).
Table 2: MMN amplitudes for three groups and the
four deviant types (accent, sex, speaker, vowel),
averaged across nine channels (Fz, FCz, Cz, F3, C3,
F4, FC4, C4).

Deviant Type
Accent

Sex

Speaker

Vowel

Group
Oddball-blocked
Mixed
Optimix
Oddball-blocked
Mixed
Optimix
Oddball-blocked
Mixed
Optimix
Oddball-blocked
Mixed
Optimix

MMN Amplitude
-3.38 [-4.98, -1.78]
-3.82 [-5.42, -2.22]
-3.85 [-5.48, -2.24]
-4.33 [-5.86, -2.79]
-6.74 [-8.28, -5.21]
4.74 [-6.28, -3.21]
-2.22 [-3.66, -0.78]
-2.89 [-4.33, -1.44]
-2.37 [-3.81, -0.93]
-2.71 [-4.09, -1.33]
-2.63 [-4.00, -1.25]
-2.02 [-3.40, -0.65]

4. DISCUSSION AND CONCLUSION
The current results reveal listeners have similar
sensitivity to changes between the standards and
deviants (change in speaker, speaker’s accent,
speaker’s sex, and vowel category) across the three
paradigms differing in their auditory stimulus
presentations, driven by the violation of predictive
models based on the formation of a memory trace.
The findings demonstrate the effectiveness of a
shorter optimix paradigm using complex naturally
produced stimuli, suggesting the paradigms tap into
the same predictive and cortical auditorydiscrimination processes regardless of the deviant
types used or the number of standards employed.
Similar findings have been found in adults and
children between the oddball- blocked and the longer
optimix paradigm using synthetic speech stimuli,
musical stimuli and linguistic stimuli, such as vowels
and pseudo-words [9, 12, 13, 16]. The larger MMN
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responses elicited for the deviant of sex further
demonstrate that listeners have the highest sensitivity
to changes in speaker’s sex when compared to change
in speaker, accent, and vowel. While with synthetic
stimuli, non-linguistic changes like speaker identity
information are not detected, participants show the
highest sensitivity to non-linguistic changes with large
acoustic differences, like changes in sex and accent
with naturally-produced stimuli. Participants in [2]
and [17] demonstrated larger MMN responses for
deviants that were most acoustically different to the
standard (accent and sex) when compared to linguistic
changes (vowel) in a mixed design.
A possible explanation for this contrast in results
may lay in the calculation of the MMN response
across studies. [2] and [17] calculated their MMN
response as the difference wave obtained by
subtracting the average response to each deviant
stimulus presented in isolation compared to the
deviant presented within the standards. The current
study calculated the MMN response as the response to
the standard subtracted from the response to the
deviant since the absence of a control condition does
not impact the MMN responses elicited and further
reduced testing time [4]. Previous studies have found
no effect on the MMN computation using an isolated
deviant block compared to measuring the deviant
within the standards [5]. These results, therefore,
suggest that listeners process a change in accent
similarly to a change in vowel identity. Linguistic
information is not necessarily inherent when using
isolated vowels, which suggests that speakers in these
paradigms may have been using solely acoustic
information to perceive the changes in the auditory
stream [17].
[17] revealed the complex and dissimilar
processing of naturally produced vowels when
compared to simple synthetic speech sounds, showing
the absence of automatic processing of speaker
identity cues using the mixed paradigm. Studies using
behavioural methods and stimuli with semantic
content contrastingly show automatic processing of
speaker identity information in order to dedicate
resources to higher-order processes such as semantic
comprehension [7]. The current study builds on these
results demonstrating the absence of automatic
processing of speaker identity cues even with a
complex auditory task placing higher demands on the
auditory system with the presentation of multiple
deviants after every standard like the optimix
paradigm. Future work could examine how multiple
sources of natural variability within each category
(e.g., multiple speakers, multiple accents) are
processed to form a more comprehensive and holistic
view of how the perceptual system handles different
sources of variability.
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ABSTRACT

glish and French can be found in Table 1.
Table 1: A selection of phonological patterns correlated with gender in French (FR) and English
(EN) given names [18]

Traditionally, the relationship between form and
meaning in language has been considered to be arbitrary. However, researchers have begun to propose that sound symbolism is more pervasive than
previously assumed; for example, the phonology of
given names may encode information about gender.
Corpus analyses of English and French given names
confirm this, finding that there are phonological patterns correlated with gender in given names. If these
patterns are sound symbolic, speakers should be able
to make use of them to assign gender to unfamiliar
names. A name gendering experiment had participants rate the gender of nonce names which were
male- or female-biased according to one of six of the
phonological factors found in the corpus analyses.
Female-biased names were given more female ratings than male-biased names. This suggests speakers
have productive knowledge of the correlations between gender and phonological patterns and that the
patterns may be sound symbolic.
Keywords: Sound symbolism, English, French,
names
1. INTRODUCTION
Traditionally, the relationship between form (sound)
and meaning in language has been considered to be
arbitrary [14, 5]. Exceptions to this rule, such as onomatopoeia and other forms of sound symbolism, exist; however, these were considered inconsequential.
More recently, researchers have begun to propose
that sound symbolism is more pervasive than previously assumed [9, 16]; for example, the phonology
of given names may encode information about gender. Yet, phonologically-informed investigations are
limited and those that exist focus primarily on English [3, 4, 7, 16, 17, 18, 22], though recent work has
looked at Japanese [15], French [18], Urdu [8] and
Cantonese [21].
Corpus analyses of English given names [4, 7, 16,
17, 18, 22] have shown that there are phonological
patterns which are correlated with gender. Similar
patterns have been found in French [18], Urdu [8]
and Cantonese [21]. Some of the patterns from En-

Factor
Number
of Syllables

Lang
EN,
FR

Pattern
Female names have more
syllables than male names

Final
Syllable

EN,
FR

Female names end in an
open syllable more often

Back Vowels

EN,
FR

Male names have more
back vowels

Sonorant
Consonants

EN,
FR

Female names have more
(/l/,/m/,/n/)

Stress
Placement

EN

Female names have more
non-initial stress

Nasal
Vowels

FR

Male names have more
nasal vowels

Previous studies showed that some of the soundgender connections are productively extended to
novel or nonce names; for example, in the creation of
nonce names, as Sutton [19] found in a corpus analysis of American super hero names, or in determining the gender of an unfamiliar name. Experimental
work on English by Cassidy et al. [3] and MacAuley
et al. [7] has shown effects of stress pattern, number
of syllables, final sound type and presence of a final
syllabic nasal (more common in male names [7]) in
assigning gender to nonce names. Furthermore, Cassidy et al. [3] also found that phonologically typical
real names were more likely to be assigned the “correct” gender than phonologically atypical names.
While these studies suggest that phonological patterns are available for speakers to use, they only look
at patterns native to English and, thus, do not address the potentially cross-linguistic nature of some
of these patterns or the degree of language specificity
at which they are encoded.
In the current study, native English speakers provide ratings for how male or female they think nonce
names are. While addressing the issue of the avail2124

ability of the phonology-gender patterns for speaker
use, it expands upon previous studies by looking at
more phonological factors (see Table 1), including
factors that are common to French and English, a
factor found in English but not French and a factor found in French but not English. Additionally, speakers will hear nonce names spoken by both
French and English speakers. These changes are
designed to address the question of the languagespecificity of English speakers’ knowledge of soundgender correlation. If these patterns are encoded at
language-nonspecific level, speakers should be able
to make use of them regardless of speaker language
and extend them to non-native patterns.
2. METHOD
2.1. Participants

27 monolingual North American English speakers
over 18 years of age with normal speech, hearing and
vision completed the online experiment. Participants
were recruited online and received a $5 Amazon.ca
gift card as compensation. 9 participants were excluded from the analysis due to technical errors (2),
failure to complete the experiment properly (1), failure to meet the language requirements (2) or failure
to discriminate nasal and non-nasal vowels (4).
2.2. Stimuli

40 target stimuli were created which consisted of
20 minimal pairs of nonce names whose members
differed from each other in terms of one of six target factors: number of syllables (4), final syllable
type (4), presence of a back vowel (4), presence of
a sonorant consonant (4), stress placement (2) and
presence of a nasal vowel (2). These factors cover a
range of types of phonological phenomena including
word length, weight, vowel quality and consonant
type. The language specific factors (stress placement, presence of a nasal vowel) were selected because they were not phonologically possible in the
other language. See Table 1 for a description of how
these factors pattern according to gender.
20 non-word CVCV sequences consisting of
sounds found in both French and English were selected as the base of each minimal pair. Each sequence was modified by one of the phonological factors to create an alternate that was either male or
female biased. Female-biased alternants were created for number of syllables (CVCV Õ CV[və]CV),
consonant type (CV[s,z,b,f]V Õ CV[l]C) and stress
placement (ˈCVCV Õ CVˈCV). Male-biased alternants were created for final syllable type (CVCV

Õ CVCV[v]), presence of a back vowel (C[–back
V]CV Õ C[+back V]CV) and presence of a nasal
vowel (CVCV Õ CṼCV). In each pair, the unmodified alternant was considered to be biased in the
opposite direction of the modified alternant (e.g.
for number of syllables, CVCV is male biased and
CV[və]CV is female biased). /v/ and /ə/ were selected for insertion because they are neutral in terms
of gender bias.
The target stimuli were divided into two groups,
one to represent English names and the other, French
names. Target stimuli were divided equally across
language and phonological factor, meaning four
pairs were created for each factor common to both
French and English and two pairs for the languagespecific factors. 8 additional CVCV sequences were
selected to serve as training items. These were divided into two groups, such that there were 4 training
items for each language.
2.2.1. Stimulus Recording and Preparation
The stimuli were recorded by two phonetically
trained female linguists who were native speakers
of Canadian English and Canadian French, respectively. Stimuli were recorded using a Sound Devices
722 digital audio recorder and a DPA 4011 unidirectional cardioid microphone. The speakers were presented with the stimuli corresponding to their native
language in IPA. They were asked to read each stimulus item clearly three times into the microphone.
The stimuli were prepared using Praat [2]. One of
the three recordings were extracted from the audio
file for each word. For each extracted word, approximately 500ms of silence was added before and after
the word and the intensity of the word was adjusted
to 70db. Each of these sounds was then saved as a
wav file and converted to an mp3 file.
2.3. Procedure

The experiment was delivered to participants online
using a script developed using jsPsych [6] and scripts
developed by Hyoung Seok Kwon and Na-Young
Ryu. Participants began by completing a language
background questionnaire to assess their knowledge
of and exposure to French, English and other languages. This was followed up by the main task,
which was presented to the participant in two blocks
(one for each language), each of which was followed
by an AX discrimination task corresponding to the
language-specific factor for that block (nasal vowel
discrimination for French, stress placement discrimination for English). The order of the two blocks was
counterbalanced across participants.
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Each name gendering task block (Fig. 1) began
with the instructions A new family from Ottawa has
moved in next door. They have two kids: a boy and a
girl. The kids have unusual names and you are trying to figure out what each kid’s name is. You will
hear a name. Rate how male or female you think it
is. Please make sure your headphones are in and
your sound is on. Press next to begin.
Each stimulus item was presented aurally. The
participant heard the target name while an audio
symbol was displayed on the screen. Once the sound
was finished playing, they were presented with the
question: Is this name male or female? and a 6-point
Likert-type scale ranging from “definitely female”
to “definitely male”. Participants rated how male
or female they thought the name was and clicked
“Next” to proceed to the next trial. The first four
items the participant heard were training items which
were presented in a randomized order by participant.
Following this, the participant heard the target items,
which were also randomized by participant.
Figure 1: Name gendering task procedure

3. RESULTS
Ratings were converted to a 6-point scale where
lower numbers (1-3) represented more female names
and higher numbers (4-6) represented more male
names. Overall, Participants rated female biased
names (M = 3.34, SD = 1.17) as more female than
male biased names (M = 3.54, SD = 1.21). This pattern holds for both French names (female: M=3.45,
SD=1.12; male: M=3.72, SD=1.14) and English
names (female: M=3.23, SD=1.21; male: M=3.36,
SD=1.25), although French names were rated as
more male than English names overall.
Female names were also rated more female for
five of the six phonological factors (Fig. 2): number of syllables (female: M=3.54, SD=1.24; male:
M=3.69, SD=1.12), final syllable type (female:
M=3.22, SD=1.06; male: M=3.32, SD=1.32), presence of a back vowel (female: M=3.15, SD=1.18;
male: M=3.51, SD=1.21), presence of a round con-

Figure 2: Mean ratings (rating range: 1-6) for
each phonological factor separated by gender bias

sonant (female: M=3.47, SD=1.22; male: M=3.57,
SD=1.25) and presence of a nasal vowel (female:
M=3.58, SD=1.13; male: M=3.89, SD=1.01). For
stress placement, female (M = 3.31, SD = 1.09) and
male (M = 3.31, SD = 1.17) names had the same
mean rating.
A mixed effects linear regression model was built
to assess the effects of phonological gender bias,
speaker language and phonological factor on participants’ ratings of nonce names. The response variable
was rating. The fixed effects were gender bias (male
or female), phonological factor (the six phonological
factors), language (French and English), and interactions between gender bias and language, and gender bias and phonological factor. Simple coding [20]
was used for gender bias (female = -0.5, male = 0.5),
phonological factor (6 levels) and language (English
= -0.5, French = 0.5). The random factors were random intercepts for pair and participant and a random
slope for gender bias by participant.
The model was run in R [13] using the lmer() function from the lme4 package [1]. There are significant
effects of intercept (β = 3.454, t = 21.970, p <0.001)
and gender bias (β = 0.190, t = 2.315, p = 0.0209).
There were no other significant effects. An ANOVA
of the model shows no significant main effects
of phonological factor (F(5, 13 )=0.205, p=0.955) or
language(F(1, 13 )=0.751, p=0.402) and no significant
effects of the interactions between gender bias and
phonological factor (F(5, 676 )=0.332, p=0.894) and
gender bias and language (F(1, 676 )=0.313, p=0.576).
Model comparison by likelihood ratio test using
the anova() function in R [13] was used to compare
the model described above to a trimmed-down model
with the same random effects, but with gender bias as
the only fixed effect. The results indicate that there
is no significant difference between the two models,
thus the larger model does not give a significantly
better fit than the trimmed-down one. The trimmeddown model can, therefore, be considered an appro2126

priate fit for the data.
The trimmed down model has significant effects
of intercept (β = 3.440, t = 24.582, p <0.001) and
gender bias (β = 0.197, t = 2.542, p = 0.0113). The
significant effect of intercept indicates that ratings
were, on average, more male than female. The positive coefficient for gender bias indicates that a male
gender bias results in a more male rating.
4. DISCUSSION
The results indicate that gender bias, but not phonological factor or speaker language has a significant
effect on participant rating of the gender of nonce
names. These results pattern in the expected direction, with female-biased names receiving more female ratings than male-biased names. The results
also indicate that there are no significant differences
in the interaction between gender bias and phonological factor or speaker language, meaning ratings
patterned the same way regardless of variance in language or factor.
Overall, these results suggest that speakers may
have productive knowledge of these phonological
patterns which they can make use of to assign gender
to names. This confirms the findings of previous experimental work in which speakers used phonological patterns to assign gender to nonce and real English names [3, 7]. It also expands on this research,
finding that speakers are able to use segmental, and
not just suprasegmental, information to assign gender to nonce names.
Furthermore, the fact that the English and French
language results pattern similarly, including the
nasal vowel factor, which is only available in French,
indicates that speakers may be able to apply the patterns to novel situations. This suggests that this
sound-gender correlation may be available to speakers in a more abstract, language-nonspecific way. It
is not clear, however, how speakers acquired these
patterns. The fact that the French results pattern with
the English ones allows for the possibility that the
patterns are learned by a method other than exposure
to a specific language. Rather, some of the correlations may have an iconic, universal basis [10, 11] and
speakers’ knowledge of these correlations may be
independent of language-specific experience. However, as most of the factors are the same across languages, there is not sufficient evidence to support
this hypothesis over the alternative that the patterns
are learned from exposure to English or French.
The behaviour of participants on the presence of
a nasal vowel factor is particularly interesting as
this pattern is not present in English. One pos-

sible interpretation for this is that this is a crosslinguistic pattern which is available to all speakers;
however, more research into the correlation between
nasal vowels and gender in additional languages with
phonemic nasal vowels would be necessary to confirm this. Another is that, despite being monolingual
speakers, the participants, who are primarily Canadian, have had sufficient exposure to French to have
learned this pattern. Testing an unfamiliar pattern
from a language which participants have no exposure to could address this issue.
A final possibility is that participants were extending their knowledge of the relationship between syllable structure and gender in English to these names.
Corpus analyses of English names [17, 18] indicate
that male names have more closed syllables than
female names. Some abstract analyses of French
phonology (such as [12]) consider nasal vowel final syllables to be closed. Thus, changing an oral
vowel to a nasal vowel, as was done for the nasal
vowel stimuli, resulted in an initial closed syllable,
which increased the proportion of closed syllables
in the name, effectively making these names more
male according to a phonological factor found in
English. However, English doesn’t have phonemic
nasal vowels, so this would involve extending the
syllable structure pattern to novel items. This possibility could be further addressed by testing participants on nonce word pairs in which a nasal vowelfinal syllable alternates with a consonant-final syllable. Since these would both have the same syllable
type, there should be no difference in rating if participants are extending the syllable structure pattern.
5. CONCLUSION
Corpus analyses have shown that there are phonological patterns correlated with gender in given names
[4, 7, 8, 16, 17, 18, 22, 21]. Experimental results
suggest these are available to speakers for use in assigning gender to unfamiliar names [3, 7]. The current study finds that speakers are able, not only to use
these patterns to determine gender in names in their
native language, but also to extend them to names in
a non-native language. Furthermore, speakers were
able to make use of a non-native language pattern,
either because the pattern is cross-linguistic or because they were able to extend patterns from their
native language to a novel situation. Speakers’ ability to extend these patterns to novel situations suggests they are available in a language-nonspecific
way. Future research should further explore the nature of the availability of phonology-gender patterns
for speaker use.
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ABSTRACT
Recent studies found that sound symbolism
(nonarbitrary connection between sound and meaning)
is more pervasive in human language than previously
thought. Studies on English first names uncovered
sound symbolic connection between phonological
patterns and gender but comparable studies in
languages other than English are limited. This study
examines the sound symbolic tendencies in
Cantonese first names. We built an annotated corpus
of 288 commonly used disyllabic first names and
examined the effect of 12 phonological
characteristics (segmental, syllabic, and tonal) in
predicting gender preference. Segmental effects
generally conform to the predicted direction of
preference (male names are more likely to contain
obstruents or back/round/low vowels, or end in
superheavy/closed syllables than female names) but
tonal predictors (tone heights and contours) tend not
to show a consistent enough effect. Also, the rhymes
of the second syllable tend to play a significant role.
Implications of the findings are discussed.
Keywords: Cantonese, sound symbolism, tones,
gender, names
1. INTRODUCTION
The arbitrariness of the sign [9], the notion that the
form or sound of a word does not resemble its
meaning, is considered to be one of the major design
features that sets human language apart from animal
communication [14]. Studies found, however, that
there are cross-linguistic tendencies to associate
certain phonemes or natural classes to certain
concepts, especially to concepts that have an
opposing counterpart [13], and that sound symbolism
is more pervasive in human language than previously
thought [10, 24]. The so-called bouba-kiki (or
maluma-takete) effect [18], replicated across multiple
contexts [21], is a well-known example that
systematic bias exists to associate certain sounds (e.g.,
bouba vs. kiki) with certain physical attributes (e.g.,
round vs. angular).
Many studies also examined sound symbolism in
English personal names and found a systematic
correlation between sound patterns and gender [5, 8,
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29, 32, 34, 36, 37, 38]. These studies found that
female names tend to be longer (in terms of syllable
number); sonorants are reported to be more common
in both beginnings and endings of female names,
while male names have more obstruents and stop
endings; and female names tend to end in an open
syllable and prefer front vowels such as /i/, while
male names end in a closed syllable with preference
for back rounded vowels such as /ɔ/. Some of these
attested properties may have universal sensory
underpinnings while others may be accidental
language-specific patterns with no prediction for
generalizability across languages (“iconic” vs.
“systematic” sound symbolism) [10]. However,
linguistically-informed studies of sound-gender
connections in personal names are limited outside of
English (but see [35] on French names and [23] on
Urdu names), and many questions remain unexplored
as to the universality, the iconicity, and the
psychological reality of sound-gender connections in
first names.
The current study contributes toward filling this
research gap by examining phonological tendencies
in first names in Hong Kong Cantonese, a language
genetically and typologically distinct from English.
Results are compared and contrasted with previous
findings from English. Furthermore, special emphasis
is placed on tone since there are no similar studies
conducted on tonal languages.

2. BACKGROUND
Cantonese is a Chinese language that adopts a
monosyllabic tonal system, where each syllable is a
morpheme and tones are phonemic. Gender is not
marked grammatically in Cantonese. The Cantonese
writing system, like other Chinese languages is
logographic or morphographic, where each syllabic
character corresponds to a morpheme [11]; Cantonese
has many homophones that are identical in
pronunciation but distinct in meaning [20]. This may
lead one to expect that in Cantonese, and in Chinese
languages more generally, the choice of male and
female names relies heavily on the semantic content
of the characters and the role of phonology may be
minimal, if any. For example, the characters “文” and
“ 雯 ” have the same pronunciation [mɐn21], but
distinct meanings, ‘literary’ vs. ‘figured clouds’, and

they are predominantly used for male and female
names, respectively. Given this background,
Cantonese provides a more stringent test of sound
symbolism in name gender, and if tendencies similar
to English are also found in Cantonese, they will
provide particularly strong evidence for universal
patterns of sound symbolism in name gender.
In our study, we examined the different segmental,
syllabic, and tonal characteristics of Cantonese names
and their bias toward the male or female gender.
Cantonese first names usually consist of two syllables;
the current study has taken into account the possible
role of syllable position in names based on the first
author’s native speaker intuition that the ending of a
first name seems to provide more information about
gender and based on the observation that the ending
of a name provides more important gender cues in
English [34].

3. METHOD
The name corpus used in the current study consisted
of 144 disyllabic female names and 144 disyllabic
male names collected from a Hong Kong blog post
(https://henrycow.blogspot.com/2006/05/blogpost_12.html) that lists the 3927 most common first
names generated from a survey of 3,000 Hong Kong
residences in the year of 2006. Gender is not indicated
in this name list; the first author, who is a native
speaker, classified the list into male and female names
and this classification was verified by two other
native Cantonese speakers with 100% agreement.
Names that can be used as either male or female
names were excluded. The Cantonese names were
converted to IPA transcriptions using the online
conversion
tool
(https://toolbox.lotusfa.com/ipa/cantonese/index.htm
l) and the transcriptions were verified against the
Chinese Character Database developed by
the Research Centre for the Humanities Computing of
the Chinese University of Hong Kong
(http://humanum.arts.cuhk.edu.hk/Lexis/lexi-can/).
The names were then coded for 12 phonological
characteristics, expected to correlated with gender
based on previous literature, covering segmental,
syllabic, and tonal features and their effects on name
gender were examined. In the next section, we
elaborate on how each phonological characteristic is
coded and discuss the predictions based on previous
literature.

backness (front vs. back), and rounding (rounded vs.
unrounded). Cantonese also has a number of falling
diphthongs (/ej, ɐj, a:j, u:j, ɔ:j, i:w, ɛ:w, ɐw, a:w, ow,
øɥ/) and they are classified in the same way as
monophthongs in our analysis, according to the
nucleus.
We predict that front and unrounded vowels are
favored in female names. This prediction is based on
the cross-linguistic observation that sounds that are
associated with high acoustic frequency, such as front
unrounded vowels, high tone, and acute consonants,
are used in words denoting smallness [16, 25, 26, 27,
28, 29]. High front unrounded vowels like /i/ have the
highest F2 (or F2-F1 difference) while back rounded
low vowels like /ɔ/ have the lowest F2 (or F2-F1).
Note that rounding lowers F2. Moreover, front
vowels are often associated with smallness across
languages [25, 33] and front vowels, especially high
front /i/, are often associated with females in sound
symbolism [8, 22, 39]. This frequency-size
correlation (“the frequency code”) is argued to be part
of human’s genetic make-up due to sex-based
differences in human vocal anatomy [26, 27, 28]. The
universal basis for the vowel height effect is less clear
and so is the evidence for it. It is, however, notable
that [15] found that high vowels are correlated with
smaller size in Japanese Pokémon names.
Table 1: Vowel inventory of Cantonese ([2, 4, 41])
High
Low

Front
Unrounded
Rounded
i: ɪ e
y: ø
ɛ:
œ:

Back
Unrounded
Rounded
u: ʊ o
ɐ a:
ɔ:

3.2. Consonants

Table 2 summarizes the inventory of Cantonese
consonants and their phonological classifications
adopted in our analysis. The factors examined include
sonorancy (sonorant vs. obstruent) and place of
articulation (grave vs. acute), in onset and coda
position. We predict that obstruents and grave
consonants favor male names. This is due to the fact
that obstruents are associated with heaviness and
largeness as well as male names [16, 25, 32, 33], and
grave consonants (i.e., labial and velar places) are
associated with lower frequency noise and formant
transitions [28].
Table 2: Consonant inventory of Cantonese ([4, 41])
Obstruents
Sonorants

grave
labial
p pʰ f
mw

acute
coronal
t tʰ ͡ts ͡tsʰ s
nl
j

grave
dorsal
glottal
k kʰ kʷ kʰʷ
h
ŋ

3.1. Vowels

Table 1 summarizes the inventory of Cantonese
monophthongal vowels and their phonological
classifications adopted in our analysis. The factors
examined include vowel height (high vs. low),
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3.3. Syllable structure

Cantonese lacks light syllables, where rhymes consist
of a short vowel only; Cantonese syllables either
contain a long vowel or end with a coda [4]. In

English, female names are more likely to end in an
open syllable than male names and the final vowel in
female names tends to be a schwa or a high front
vowel [34, 37, 38]. Extending this observation, we
examine how the composition of the rhyme affects
name gender preference in Cantonese. We categorize
Cantonese syllables into the following three types.
(1) Cantonese syllable types
a. Open syllable: long vowel (V:)
b. Closed syllable: short vowel + coda (VC)
c. Superheavy syllable: long vowel + coda (V:C).
An offglide of a diphthong is analyzed as a coda
following [2]. Note that it is ambiguous whether the
English pattern is due to a preference for a light
syllable or an open syllable in female names. We did
two comparisons for the Cantonese data to test both
possibilities; open vs. closed syllables (a vs. b-c) and
heavy vs. superheavy syllables (a-b vs. c). Based on
the English pattern, we predict that if there is any
effect, closed syllables and superheavy syllables will
favor male names but we note that it is not clear if and
why these tendencies may be cross-linguistically
available.
3.4. Tones

Table 3 summarizes the tonal inventory of Cantonese
and their classification. Tone height divides the tones
into upper and lower (or high vs. low) pitch ranges
and Tone contour distinguishes level, rising, and
falling tones. Lower frequencies, or low tones, are
associated with the concept of being large and
dominant while high tones tend to be associated with
smallness. This correlation is expected following the
hypothesis of the frequency-code [19, 26, 27, 28].
Again, equating smallness with femaleness, we
expect that higher tones favor female names and
lower tones favor male names. In fact, a previous
study on Hong Kong Cantonese ideophones has
observed that low tones are associated with the
concept of largeness and masculinity while high tones
are often used to express concepts related to
smallness [19]. So, there are language-internal
grounds for tone-gender connections as well.
In addition to pitch height, pitch contour is known
to convey “social” messages; rising F0 is associated
with “deference, politeness, submission, [and] lack of
confidence”, traits more commonly linked to females,
while falling F0 is associated with “assertiveness,
authority, aggression, confidence, [and] threat”, more
male-leaning traits [28]. Therefore, we predict that
rising tones are more likely to be used in female
names and falling tones are more likely to be used in
male names. In addition to examining the distribution
of lexical tones in each syllable, we also coded the F0
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contour across the two syllables, as level (high-high
or low-low), rising (low-high) or falling (high-low).
While contour is coded as a three-way contrast, the
key comparison is between rising and falling contours.
Table 3: Tone inventory of Hong Kong Cantonese
(IPA tone levels are in parentheses) ([3, 4, 41])
1
2
3
4
5
6

Tone
high-level (55/5)
high-rising (35)
mid-level (33/3)
low-falling (21)
low-rising (13)
low-level (22/2)

Height
high

low

Contour
level
rising
level
falling
rising
level

3.5. Statistical Analyses

The effectiveness of predictors is examined using
four different logistic regression models. (1)
univariate logistic regression; (2) multivariate
stepwise logistic regression using forward selection;
(3) univariate mixed-effects logistic regression; (4)
multivariate forward stepwise mixed-effects logistic
regression. Statistical analyses were conducted in R
[17]. The glm() function was used for regular logistic
regression and the glmer() function of the lme4
package [1] was used for the mixed-effects models.
For the mixed-effects models, characters, separate for
each of the two syllable positions, were added as
random intercepts. This was done in order to avoid a
few highly frequent characters skewing the results as
certain characters are highly frequent in names and
have a strong gender bias. For example, “偉” occurs
23 times in our database and all 23 names that contain
the character are male names. In all four analyses, the
dependent variable was the choice between male (=0)
and female (=1) names and the predictors were one or
more of the phonological predictors. All predictors
were simple-coded with the male favoring levels held
as the reference levels. Forward selection regression
was carried out by the step() function.
4. RESULTS AND DISCUSSION
Figure 1 provides a descriptive summary of the
gender distribution by the predictor conditions. For
all predictors except for the last one (tone contour
across syllables), the distribution of names is
calculated separately for the first and the second
syllable. For each comparison, the grey bar represents
the condition that is predicted to favor male names
(for example, “low” vowel) and the black bar
represents the opposing condition that is predicted to
favor female names (“high” vowel). The y-axis plots
the proportion of female names. Overall, in most
conditions, the black bars are higher than the
corresponding grey bars, which means that the
phonological conditions that prefer female names
indeed have a higher proportion of female names.

Figure 1: Gender distribution of Cantonese names
by phonological conditions (grey: male-favoring,
black: female-favoring) and by syllable position
Vowel (low, high)

Vowel (back, front)

Vowel (round, unround)

Onset (obs, son)

Coda (obs, son)

Onset (grave, acute)

Coda (grave, acute)

Syllable (closed, open)

Syllable (S.heavy, heavy)

Tone (low, high)

Tone (fall, level, rise)

Syl 1
Syl 2
T-seq (fall, level, rise)

0.8
0.6
0.4
0.2
0.0
0.8

Female proportion

0.6
0.4
0.2
0.0
0.8
0.6
0.4
0.2
0.0
0.8
0.6
0.4
0.2
0.0
Syl 1

Syl 2

Syl 1

Syl 2

Syl 1-2

position

Table 4 summarizes the statistical test results. The
blank cells indicate that the predictors did not show
any statistically significant effect in a univariate
model or the predictors did not get included in the
forward selection regression in multivariate models.
X marks a statistically significant difference in the
opposite direction of the prediction. Checkmarks
indicate a statistically significant difference in the
predicted direction. Checkmarks in parentheses
indicate that the predictors were selected by the
stepwise regression and the coefficient is in the
expected direction but did not reach statistical
significance in the model. While there are a few
predictors that came out in the opposite from
expected direction under some tests, those are
minorities (n=6) and they are outnumbered by the
cases of significant effects in the predicted direction
(n=32). Given the small data set and the large number
of predictors, this level of positive confirmation
seems encouraging.
For vowel-related factors, we found a strong effect
of rounding in the second syllable and height in the
first syllable. Somewhat unexpectedly, the evidence
for a vowel frontness effect is marginal. This may be
due to the fact that unlike English, or other languages,
where a vowel backness effect is attested, Cantonese
front vowels include both rounded and unrounded
vowels and rounded front vowels reduce the F2
contrast between front and back vowels, thus
weakening the sensory underpinnings of the sound
symbolism. Future studies will take into account the
co-occurrence restrictions and collinearity amongst
vowel backness and rounding, as well as coda
consonants.
The consonantal effects of sonorancy and place
are attested quite robustly. It is notable that the
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sonorancy effect is more pronounced in the onset of
the first syllable (beginning of the name), while the
place effect is more prominent in the second syllable.
The syllable structure effects are also supported,
mainly for the second syllable. This is in line with the
findings of English, where the ending of the name is
where the rhyme plays a role in gender biases.
The intuition that the second syllable plays a more
important role is partially confirmed but different
factors seem important in different positions. Finally,
based on the hypothesis of “frequency code” [28] and
the tone-meaning connections in Cantonese
ideophones [19], we had predicted that tones would
have a substantial effect on name gender biases.
However, the only effect in the expected direction is
found for the pitch contour across two syllables—
rising contour significantly prefers female over male
names—but this effect is significant only under
regular univariate analysis. One possible reason for
the insignificant results for tones may be that tones
play a subordinate role in lexical and phonological
processing [37, 40].
Our study contributes to the literature on sound
symbolism by examining the phonology of gender in
Cantonese names. The results confirm many of the
predictions; future studies will probe the interaction
of related factors more closely and expand the
database.
Table 4: Statistical outputs of four regression models
(see text) (: a significant effect, (): a marginal effect,
: a significant effect in the opposite direction).
Factor
Vowel Height
Vowel
Backness
Vowel rounding
Onset
sonorancy
Coda sonorancy
Onset place
Coda place
Syllable
openness
Syllable weight
Tone
height
Tone contour
T. sequence

Position
1
2
1
2
1
2
1
2
1
2
1
2
1
2
1
2
1
2
1
2
1
2
n.a.
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Nowadays, sound symbolism is used in business.
A survey on famous brand names conducted by
Kurokawa found that plosive consonants such as /p/,
/b/, /t/, /k/ have the power to attract consumers, and
thus, are frequently used in product names ([6]). She
also analysed the names of monsters and reported
that /g/ is often used in their names because this
sound is associated with the images of badness,
strength, and coolness (135). She concludes that the
relationship between sound and image strongly has
influence on whether the product will succeed or not.
In this paper, our focus of attention will first be
on the role that iconicity plays in depicting heroes
and villains that appear in fiction. We will pay
attention to not only characters that are good and bad,
but also those that change their roles halfway
through the story. In other words, we will also take
up characters who initially start off as villains but
change their role to good characters halfway through
the story, and vice versa. Next, we also report on
the forced-choice experiment that we had conducted
based on the data that we had collected from heroes
and villains.
In the next section, we review some of the major
studies that take up the issue of sound symbolism.

1. INTRODUCTION

2. PREVIOUS STUDIES

Although the relationship between sound and
meaning is generally claimed to be arbitrary ([3],
[5]), recently the non-arbitrary link between
linguistic form and meaning is becoming the focus
of attention (e.g. [10], [17] among others). Instead
of approaching the relationship as strictly arbitrary
vs. non-arbitrary, recent studies have attempted to
take a more “constructive” approach by accepting
arbitrariness and iconicity to co-exist within
language ([7]). This may be one of the major
reasons why research on sound symbolism has been
gaining influence in not only linguistics and
psycholinguistics but also in cognitive neuroscience
as well.
Sapir was one of the first researchers who
focused on the relationship between sound and
image. He reported that some sounds are associated
with certain images and called this phenomenon
sound symbolism ([12]).

Research on sound symbolism has indicated that a
sound-symbolic effect can be attested in shapes ([1],
[8], [11]), size ([12], [15]), speed ([2]) and even taste
([13]). (For a more detailed review of the literature,
please refer to [7].).
In this section, we take up two studies that are
directly relevant to the present study.

ABSTRACT
Although the relationship between sound and
meaning is claimed to be arbitrary, sound symbolism
is widely used in business. Studies on Japanese
brand names have indicated that plosive consonants
such as /p/, /b/, /t/ and /k/ have the power to attract
consumers ([6]).
In this paper, we first report our findings based
on the analysis of 224 Japanese character names
collected from 68 works. We found that there was a
strong tendency to link /m/, /r/ and /s/ with
“goodness”, and /g/ and /b/ with “badness”. Based
on this result, we next conducted a forced-choice
experiment where the 80 participants were instructed
to match sentences that depicted male/female
characters that had good/ bad characteristics.
The results indicated that there was a strong
tendency to link “bad & male” characters with /ɡ/,
“good-female” with /m/, thus supporting the
viewpoint that a sound-meaning association can be
attested in at least some phonemes.

2134

2.1. Hamano
symbolism

(1998):

onomatopoeia

and

sound

Hamano approached sound symbolism from the
perspective of Japanese onomatopoeia ([4]). She
analyzed the relationship between not only sound
and image, but also the position of the phonemes
within a word.
For example, the Japanese
onomatopoeia kotu-kotu “tap-tap” and toku-toku
“glug-glug” have different meanings, although both

consist of the same sounds /k/, /t/ and /u/. The
difference lies in the positions of /k/ and /t/ within
each word. According to Hamano, /t/ has the
meaning of “lax surface” when it appears in wordinitial position, but the meaning changes to “hitting”
when it appears in word-medial position.
Furthermore, /k/ has the meaning of “hard surface”
when it appears word-initially, but the meaning
changes to “in-out movement” word-medially (170).
She concludes that the image that is associated with
a phoneme may change depending on its position
within a word.
2.2. Kurokawa
impressions

(2004):

sounds

and

subliminal

Kurokawa deals with sound symbolism by analyzing
various Japanese brand and product names ([6]).
She claims that the way to succeeding in business is
to come up with names where the sounds used
reflect the “correct” subliminal images. As an
example of how sounds can influence subliminal
impressions, she compared two words tanuki
“raccoon” and kitsune “fox”. In Japan, both animals
are believed to cheat people, but the images of these
animals are quite different. A fox is seen as a sly
animal, whereas a raccoon is not. Kurokawa claims
that the difference comes about partly due to the
subliminal impressions of the phonemes used in the
two words.
The word-initial /t/ in tanuki is
associated with a sense of fulfilment, but the /k/ in
kitsune is associated with a speedy image. She
concludes that the impressions of /t/ and /k/ leads to
the different images linked to each animal: whereas
a racoon is easy-going, a fox is considered to be a
quick-thinker, hence, the strong association with
slyness.
In similar fashion, she compares famous brand
names and claims that the subliminal images linked
to the phonemes contained in the names characterize
the images of the products of each company. For
instance, if we compare the three companies that
produce tomato juice, Kurokawa states that the
characteristics of the type of tomato juice that each
company produces can be read off by focusing on
the subliminal images of their names. Kagome is
“sweet”, Kirin is “refreshing”, and DelMonte is
“full-bodied”.
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3. THE ANALYSIS OF CHARACTERS’
NAMES
3.1. Background

Based on the findings of Kurokawa, Osaka
hypothesized that good and bad characters should
have names that are associated to “goodness” and
“badness”, respectively ([9]). She surveyed 115
villains that appear in Disney storybooks and found
that /s/ was the most frequently used phoneme in
their names. Suetake followed suit, and collected
names of 118 villains from Dragon Ball, a popular
Japanese comic book, and found that /g/ and /b/
were frequently used in their names ([14]).
Although these two studies made clear the fact
that there was a strong tendency to use a certain
phoneme in villains’ names, the collection of names
came from a limited resource. Therefore, in order to
see whether the tendency reported in these studies
can be applied to villains in general, we decided to
collect character names from a wider resource.
3.2. Method

We collected 224 Japanese character names from 68
works that included Star Wars, Devilman and other
animation movies and fiction. We focused just on
the non-sense names. In other words, we excluded
all names that were made up of existing words, or
were considered to have a certain meaning. Initially,
we had intended to analyse just the names of villains
that appear in each work, but during the analysing
process, we realized that there was the need to
classify the character names according to the
following four criteria: 1) good characters; 2) bad
characters (i.e. villains); 3) characters who initially
start off as villains but end up being good characters;
4) characters who initially start off as good
characters, but end up being villains.
3.3. Result

According to Tobin, the first syllables usually have
the greatest communicative force in a word ([16]).
Therefore, in analysing the characters’ names, we
focused mainly on the consonant and vowel that
appear in the first syllable of each name.
In the case of good characters, /r/ appeared in 13
names, followed by /k/, /s/ (6 names, respectively)
and /m/, /j/ (4 names) (cf. Table 1). As for the bad
characters, there was a completely different
tendency. The most frequently used phoneme here
was /ɡ/ (9 names), followed by /b/ (7 names) (cf.
Table 2).

status (good), but in the case of bad → good, the
names reflect in some cases their initial status (i.e.
bad, by using the phonemes /b/, /g/), but in other
cases, they reflect their final status (i.e. good, by
using the phonemes/k/, /r/, / m/).

Table 1: Word-initial consonant-vowel combination of
good characters
p
t
d
k
g
s
ʃ
z
h
f
m
n
r
w
y
j
vowel
sum

a
1

0
3

i
1
3
1
3

u
1

2

2
12

o

1
1

2

1
2
1
1
1
1

e

3
1
1

1
1
4

1

2

2
1
18

2
2
2
12

5
12

1

2
1
5
1

1
13

sum
3
3
2
6
3
6
2
1
2
2
4
2
13
1
2
4
11
67

3.4. Discussion

The data collected indicated that the phonemes used
in good and bad characters show a completely
different tendency. Furthermore, the good → bad
characters show a similar tendency to good
characters. This may be because the authors would
not want their readers to notice that the good
characters would turn to villains, thus revealing their
“plot” half way through the story. In contrast, the
bad → good characters show a “mixed” tendency
because some names used phonemes that were
characteristic of good characters, whereas others
used those of bad ones. This mixed tendency may
come about because some authors might want to
“give away” the hint that the character will change
its status, whereas others might want to avoid doing
so.
A closer look at the data indicated that there was
a tendency for /m/ and /r/ to be used not only for
“good” characters in general, but for “good &
female” characters. This leads us to hypothesize that
certain phonemes are linked not only to good/bad
images, but also may be closely linked to
male/female images as well. In order to test this
hypothesis, we conducted an experiment whose
details will be given in the following section.

Table 2: Word-initial consonant-vowel combination of
bad characters
a
p

1

b

3

t
d

i

e

1

1

1
1

3
2

1

3

2
5

2

9
1

1

h

1
1

1

2

1
1

w

1
1

1

y

2

1

j

2
5

sum

16

4. THE EXPERIMENT

4
2

3

vowel

2
1

1

m

7

1

1

z

r

1

1

1
2

sum
3

1

s

f

o

2

k
g

u

4.1. Hypothesis

3
2

5

14

8

1

6

8

51

If we turn our attention to the characters who
change their status halfway through, the good→bad
characters frequently use /r/ (16 names), followed by
/s/ (6 names) and /k/ (4 names). This shows the
tendency similar to that of good characters. In the
case of the bad → good characters, /b/, /k/, /r/ (6
names) were quite often used, followed by /ɡ/ and
/m/ (5 names). Here, although the phonemes /b/ and
/ɡ/ were also used frequently in the bad characters’
names, and /k/, /r/, /m/ were used frequently in the
good ones. This may be interpreted as follows: the
good → bad characters’ names reflect their initial
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The results obtained in the previous section implied
that in addition to the association of certain
phonemes to goodness and badness, there might be
certain sounds that go well with male names, and
others that go well with female names. Particularly,
the result indicated that /m/ and /r/ go well with
“good & female” names. This implies that these two
phonemes will not be linked to the image of “bad &
male”, i.e., the polar image of “good & female”.
4.2. Method

In order to test our hypothesis, we recruited 80
native speakers of Japanese between the ages of 19
to 24 for our experiment. The participants were
divided into two groups: Group A tested the image
of the four phonemes /m/, /s/, /ɡ/, and /k/; Group B
tested /r/, /s/, /ɡ/, and /k/. The participants were

instructed to choose a character’s name that best
matches the context of the 24 sentences that depicted
good-male, bad-male, good-female and bad-female
characteristics. The occurrence of each phoneme
was controlled so that they all appeared 12 times
each. Sample sentences are given below in (1) and
(2):
(1) The kind queen, loved by all, tried to pray for
the
happiness
of
her
people.
Q. Which name would you prefer for the queen?
a. Meme
b. Keke
(2) The devilish witch tried to kill those who got in
her
way.
Q. Which name do you think is appropriate for
the witch?
a.Gege
b. Sese
The names used in the experiment used the vowel /e/
because it was possible to come up with the maximal
number of minimal pair words that were nonexisting.
4.3. Result and Discussion

The result is summarized in Tables 5 and 6.
Table 5: The result for Group A

m
good-male
bad-male
good-female
bad-female

44
14
113
71

k

sum

73 55 68
45 110 71
65 15 47
60 44 65

240
240
240
240

s

g

Table 6: The result for Group B

r
good-male 60
bad-male 25
good-female 104
bad-female 78

s
78
53
80
65

g
35
94
7
32

k
67
68
49
65

sum
240
240
240
240

results for each phoneme, significances were
detected in the following:
1. Although both /m/ and /r/ were preferred
for the “good & female”, only /m/ was
statistically significant. In contrast, for
“bad & male” (i.e. the polar image of
“good and female”), /m/ and /r/ were the
least preferred phonemes, both of which
were statistically significant.
2. There was a strong tendency to prefer
/ɡ/ in “bad & male” names, which was
statistically significant in both groups.
In contrast, /ɡ/ was the least preferred
for the “good & female” (i.e. the polar
image of “bad & male”), which was
statistically significant in both groups
This finding suggests that the general tendency of
using /m/ in “good & female” character names can
also be read off from the results from our experiment.
In addition, for the “bad & male”, /m/ and /r/ were
least preferred, thus supporting our hypothesis that
the polar image of “good & female” would not be
associated with these two phonemes. In addition,
“bad & male” showed a strong preference for /ɡ/,
which appeared most frequently in the bad
characters’ names.
However, no such tendency
was found for “bad & female”. In fact, /ɡ/ showed
the weakest association to “female” in general. This
may be because Japanese female names rarely
contain this phoneme. However, our experiment
conducted on 10 non-native speakers of Japanese (4
native speakers of Chinese, 3 native speakers of
Korean, 4 native speakers of English) showed a
similar tendency to avoid /ɡ/ for female names, thus
implying that this may not necessary be a language
specific phonemena. Further detailed research needs
to be conducted to see whether this tendency is
particular to the Japanese language or not.
5. CONCLUSION

If we focus on the highlighted area in Tables 5 and 6
(i.e. the good-female), we find that the names that
contained either /m/ or /r/ was most frequently
chosen among the four phonemes, thus supporting
our hypothesis that /m/ and /r/ are closely linked to
the image of “good & female”. However, when we
conducted six patterns of the t-tests between the
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In this paper, we reported on our findings regarding
sound symbolism in characters’ names. The result of
our experiment indicated that /m/ was closely
associated with the image of “good & female”, and
/ɡ/ with “bad & male”.
The findings reported here imply that at least for
certain phonemes, sound symbolism can be observed,
but since we were able to conduct the experiment
mainly on native speakers of Japanese only, we need
to conduct a full scale experiment of the same kind
to speakers of other languages in order to see
whether the tendency observed here is universal or
not.
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ABSTRACT

as shown in Recasens & Rodríguez [13]. Productions of such sounds could thus obscure their degree
of physical (articulatory and/or acoustic) differentiation from other sounds in the language. Sound segments that vary greatly may impose a level of phonetic gradience onto talker’s productions, thereby reducing the overall degree of phonetic categoricity
between phonological units.

The sounds of a language are often assumed to exhibit some degree of physical categoricity. In this
study, we examine the contrast between Sasak wordfinal /-k/ and /-P/ by collecting audio and ultrasound
for 17 /-k/ and 25 /-P/ words from 9 talkers. A principle components analysis of tongue contours showed
that talkers contrast velar and glottal articulations in
the terms of dorsal height, while dip tests for bimodality indicate that only three talkers’ articulations varied bimodally. F1 at vowel offset was the
most distinctive acoustic cue distinguishing /k/ from
/P/, although this contrast occurred less consistently
than the articulatory contrast. As with the PCA data,
little bimodality was found in the acoustics. Further
analysis showed categoricity across words depending on the talker. These results suggest that both
acoustic properties and articulatory behaviors across
and within talkers are rather gradient, challenging
previous assumptions about phonetic uniformity.

In this study, we examine a phonological contrast in the Sasak language (Malayo-Polynesian;
Lombok, Indonesia) involving morpheme-fina oral
stops /k/ and /P/. First, we investigate whether this
sound contrast can be found in the articulations and
acoustics of speakers’ productions. We then explore whether these properties differ categorically
and whether words containing these sounds exhibit
clear phonetic differences according to the identity
of the sound. For articulation, we collected ultasonic
images of the tongue contour at the moment of stop
constriction, and for acoustics, we examined phonetic cues that might distinguish /k/ from /P/. If the
articulatory behaviors or their corresponding acoustic cues vary categorically, then measures of their
phonetic properties should fall into bimodal distributions, that is, an opposition between /k/-like versus
/P/-like articulatory and/or acoustic patterns. However, if such measures are not categorical, then it can
be concluded that talkers fail to maintain strict, systematic distinctions between such sounds.

Keywords: speech articulation, phonological contrast, phonetic variation, ultrasound, Sasak
1. INTRODUCTION
Much speech research has shown that sounds that
behave phonologically as distinct sound units are
subject to influences that can render their phonetic
properties more continuous and gradient [2]. At the
same time, talkers should produce phonologically
contrastive sounds with a certain amount of physical
categoricity (i.e. articulatory or acoustic invariants)
in order for their percepts to be kept distinct [14] [4].
Phonetic variation that is attributable to differences
between talkers ([9], [7]) and between phonological
contexts ([5], [3]) has been shown to be relatively
systematic.
A sometimes overlooked source of phonetic variation lies in the differences between the articulatory
characteristics of contrastive sounds. Some sounds
require articulatory movements that are more affected by coarticulatory influence than other sounds,

2. METHODS
2.1. Participants

Participants were nine native speakers of Sasak (six
male, three female) who resided in Mataram, Lombok, Indonesia. All talkers also spoke Bahasa Indonesia and English, and none reported any speaking or hearing deficits. Participants’ ages ranged
from 19 to 33 (mean = 24.3±4.2 years).
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was instructed to lean against during data collection.

2.2. Target items

Audio and ultrasonic video were synchronized by
aligning the acoustic release bursts of 9 to 12 pro>
ductions of the post-alveolar click [k!] with their associated ultrasonic video frame, as produced by one
of the authors at the end of each recording. The latency between the onset of the acoustic burst and
the time of the image frame at which a significant
downward motion of tongue-blade position was observed was computed for each click production, and
the arithmetic mean of these latencies was used to
adjust the timing of video image frames relative to
the acoustic signal in each recording.

Target items were 42 two- to four-syllable Sasak
words ending in either /k/ or /P/. In all cases, the
vowel in the final syllable was /a/ and the preceding sound(s) was a bilabial stop or nasal+plosive sequence (/p, b, m, mp, mb/), e.g. kepak [k@.pak] and
begerambaq [b@.g@.Ram.baP]. This design ensured
consistency in the physical position of the tongue
(low dorsum and retracted root) among target items.
17 items ended in /-ak/, and 25 items ended in /-aP/.
For prosodic consistency, each item was presented
in the sentence frame: Tulis kata ___ adeng-adeng.
[tu.lis ka.t@ ___ a.deN a.deN] ‘Write the word ___
slowly.’ This frame was chosen so that the sound
/a/ would follow each target word, thereby limiting
the phrase’s influence on each word-final stop articulation. Each item was presented in four iterations,
resulting in a total of 168 productions per talker.

Frames for analyzing sound segments were identifed based on the acoustic recording in Praat [1].
The frame representing the articulation of each
word-final stop was the frame occurring at or immediately before the acoustic onset of the [k]- or [P]constriction. This moment was the time at which the
resonant formant structure for the preceding vowel
disappeared, i.e. the offset of the preceding vowel
[a]. The segment frames were then programmatically extracted for tongue contour tracing. Additionally, measures of the spectral properties (F1 and F2
in bark) and durations (in ms) of the preceding /a/
were extracted from the acoustic signal. Formant
values were taken at 10-ms intervals from the first to
final glottal pulse associated with [a]. Because the
word-final Sasak stops of interest are typically released without audible cues, stop release cues were
not analyzed. In each segment frame, the visible
tongue contour was traced and exported in Cartesian
coordinates using EdgeTrak software [10] and then
later converted into polar coordinates relative to the
scan origin, which was the physical location of the
transducer.

2.3. Procedure

Recordings were collected by the authors in a quiet
classroom at the Mataram Lingua Franca Institute
in Mataram, Lombok. During audio and ultrasound
recording sessions, Sasak stimulus prompts were
shown one at a time on a presentation laptop in front
of the participant. One author monitored the quality
of the live ultrasonic scan, while the other gave instructions to the participant and manually advanced
through each stimulus.
Ultrasound video recordings were collected with
the audio signal embedded directly into the file.
Audio was captured with an omnidirectional, condenser earset microphone positioned at one side of
the talker’s mouth and then digitized with an analogto-digital interface connected to the collection laptop. For video recording, ultrasonic scan data
were captured using a ClarUs-EXT portable scan
unit (Telemed) and a 2- to 4-Hz convex transducer
probe. Ultrasonic data were fed via USB into a highperformance collection laptop running EchoWave
II software [16], which constructed real-time ultrasonic image frames at a frequency of nearly 60
frames per second. The video and embedded audio
stream were simultaneously written into a single file
using screen capture software, with a 640×480 pixel
image resolution and unlimited recording duration.
In order to physically stabilize the transducer into
a midsagittal position underneath the lower jaw, a
freely-poseable camera lighting arm was clamped
onto the desk where the participant was seated,
and two additional arms positioned to the sides and
above the participant’s head were used to provide
padded forehead rests onto which the participant

2.4. Statistical analysis

Tongue contour data were analyzed using a principal components analysis (PCA) similar to that used
by other authors [15] [8] [17]. Loadings for the
first and second principal components were computed for each talker using the princomp function in
R [12]. For each talker, articulatory (PC1, PC2 coefficients) and acoustic (F1, F2, duration) data were
analyzed using linear mixed-effects regression models with the fixed effect of Sound (/k, P/) and random intercepts for Item. For analyses of data pooled
across talkers, random intercepts for Talker were
also included. To test for bimodal distributions, PCA
and acoustic data were submitted to Hartigan’s dip
test [6] using the R package diptest [11].
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Table 1: LMER estimates of articulatory and acoustic measures for /k/ and /P/ productions. Talker-specific results
are reported by column, and results for data pooled across talkers are presented in the rightmost column. Grey cells
indicate significant comparisons, and asterisks indicate the level of significance for the p-value indicated as follows:
*** < 0.001 < ** < 0.01 < * < 0.05 < . < 0.1
measure
PC1
PC2
offset F1
offset F2
duration

sound
/k/
/P/
/k/
/P/
/k/
/P/
/k/
/P/
/k/
/P/

S1
***9.26
-6.30
0.37
-0.25
6.44
***7.00
***10.90
10.45
***142.0
71.2

S2
***9.16
-6.23
1.13
-0.74
7.97
***8.57
11.30
**11.52
**86.4
73.4

S3
***9.47
-6.44
1.65
-1.12
5.84
***7.04
*10.23
10.07
***85.7
68.4

S4
***6.83
1.89
**3.01
-2.05
5.92
***6.81
10.33
**10.52
91.7
85.4

S5
***7.54
-5.18
0.36
-0.25
6.86
***7.42
10.47
*10.63
109.2
105.2

3. RESULTS

S6
*2.52
-1.26
0.03
-0.57
6.40
***7.03
10.47
10.55
**95.1
82.6

S7
***6.76
-4.71
0.27
-0.15
7.57
**7.91
10.53
***11.07
101.7
97.8

S8
***4.50
-3.06
***3.80
-2.58
6.38
6.33
10.05
***10.54
113.2
116.8

S11
1.05
-0.71
**2.88
-1.96
7.29
*7.85
11.33
11.68
*84.2
75.4

pooled
***6.34
-4.29
***1.52
-1.08
6.74
***7.33
10.62
**10.78
***101.0
86.3

Figure 1: PCA loadings for lingual contours at
constriction onset by one talker (S4). The black
line with dots shows the average contour, and the
red contours show the range of PC1. The dashed
blue contours indicate the range of PC2.

Results from the linear mixed-effects models for
PC1 and PC2 coefficients, offset-F1 and -F2, and
vowel-duration measures are reported in Table 1.
PC1 coefficients corresponded to dorsal height,
and PC2 coefficients corresponded to tongue-root
position. In general, /k/ had higher PC1 and PC2
values (higher dorsum, more advanced root) than /P/
(Figure 1). LMER results for PC1 coefficients indicate a significant difference between /k/ and /P/ articulations for each talker as well as overall. For PC2,
results were less consistent among talkers, but the
pooled analysis revealed a significant overall difference. A dip test for PC1 coefficients pooled across
talkers indicated that a bimodal distribution was unlikely, as shown in Table 2, while within individuals, PC1 coefficients were bimodally distributed for
only three talkers (S1, S3, S5). For PC2, coefficients were not bimodally distributed in the pooled
and individual-talker analyses.
In the acoustic data, /k/ was generally produced
with lower offset-F1, lower offset-F2, and longer
preceding vowel duration than /P/. Patterns for F2
values were less consistent, with five talkers producing lower offset F2 in /k/ than /P/. This result
suggests some variation in the degree of fronting
for /k/-constrictions among talkers. None of the
dip tests for F1, F2, and durational measures pooled
across talkers indicated bimodal distribution, and for
individual-talker analyses, only talker S4’s F1 values
and talker S1’s durational values were distributed bimodially. None of the talkers’ F2 measures had bimodal distribution.
In order to explore whether the articulations
among word items fell into the expected categories,

Table 2: p-values from dip tests for the articulatory and acoustic data, by talker and pooled together. Shaded cells indicate values below an αlevel of 0.05.
Talker
S1
S2
S3
S4
S5
S6
S7
S8
S11
pooled
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PC1
0.017
0.461
0.020
0.992
0.03
0.700
0.134
0.996
0.607
0.925

PC2
0.885
0.944
0.459
0.914
0.711
0.990
0.876
0.993
0.903
0.903

F1
0.898
0.773
0.470
0.009
0.781
0.958
0.992
0.939
0.924
0.993

F2
0.773
0.895
0.534
0.325
0.976
0.990
0.509
0.514
0.870
0.982

V dur.
0.034
0.996
0.850
0.602
0.828
0.728
0.932
0.907
0.963
0.985

Figure 2: Bar graphs for PC1 estimates of
word item produced by talkers S5 (top) and
S8 (bottom). White and grey bars indicate
(orthographically-presented) /k/ and /P/ items, respectively.

Figure 3: Comparisons of variance in PC1 coefficients for each talker. White bars indicate variance in /k/ tokens, and grey bars indicate variance
among /P/ tokens. Asterisks indicate the level of
significance of F-test comparisons.

the same trend but lacking a significant difference.
One talker (S5) exhibited the opposite pattern, i.e.
greater height variation in /P/ than /k/. This outcome suggests that talkers did not achieve full (velar) constriction for many of their lingual articulations of word-final /k/, whereas for /P/ no such lingual movement was ever needed. Higher rates of
lingual-gesture reduction in /k/ may thus account for
the overall pattern of phonetic gradience with this
sound because productions of /k/ were more variable
and less categorically distinguished than expected.
Reductions of /k/ gestures may indicate a process
of debuccalization affecting this sound in word-final
contexts, thereby causing its merger with word-final
/P/. If Sasak is undergoing such a sound change,
then the data shown here indicate that this process is
both lexically-specific (word items exhibit different
degrees of change or reduction) ands still incomplete
(overall phonetic differences between the sounds are
maintained, but some talkers produce greater categoricity than others).
The outcome of this study lends support to the
idea that while phonological contrasts in a language
may necessarily be categorical, such distinctions can
be obscured by phonetically-relevant processes that
render articulatory and acoustic patterns more gradient. These patterns may be induced by phonetic
variation in speech (e.g. inter-talker variation, articulatory reduction, and contextual variation) and/or
cause phonological change (e.g. systematic debuccalization of word-final /k/). Hence, the phonetic
variation observed here involves an interaction between language- and talker-specific factors. Talkers
produce a general contrast between /k/ and /P/ but do
not maintain clear-cut distinctions among their individual productions.

estimates for each word item’s PC1 coefficient from
talkers with the largest and smallest dip statistics (S5
and S8, respectively) are shown in Figure 2. Talker
S5 makes a strong articulatory distinction between
word-final /k/ and /P/ across word items, whereas
talker S8’s articulations are far less categorical, with
less separation between PC1 coefficients for /k/- and
/P/-words.
4. DISCUSSION & CONCLUSION
Results in this study show that words ending in /k/
and /P/ indeed contrast in articulatorily (PC1=dorsal
height and PC2=tongue root advancement) and
acoustically (F1, F2, and vowel duration). However,
an examination of the distribution of the measured
variables reveals a general lack of categoricity (that
is, bimodal distribution). Clear categorical differentiation between /k/- and /P/ was demonstrated only
in articulatory measures (PC1 coefficients) for three
talkers and in acoustic measures (F1, vowel duration) for two talkers, based on the dip-test results.
When measures were pooled across talkers, none
exhibited any bimodal variation between these two
sounds.
As shown in Figure 3, F-tests comparing variance
in PC1 coefficients indicate that 6 of 9 talkers produced significantly greater variation in tongue height
for /k/ than /P/, with two additional talkers having
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tracted similar interest. A promising case study
along such a line of inquiry is th-stopping, a welldocumented process across dialects of English that
involves the realization of dental fricatives /θ ð/ as
stops [3]. Although th-stopping has generally been
treated as a simple categorical alternation between
stops and fricatives (e.g., [7]), there are two main
bodies of evidence that support a more nuanced picture of this process.
The first comes from acoustic studies of dental fricatives in continuous speech, which suggests
that their phonetic realization in fact spans a whole
spectrum of variation, from deletion on the one extreme [15] to complete occlusion on the other [28],
and with intermediate affricate realizations also attested [18, 10]. In addition, comparisons of stopped
/ð/ with /d/ in Standard American English have
shown that the two sounds have distinct acoustic profiles [29], suggesting that stopping preserves a dental
place of articulation and involves no major change in
articulatory target.
The second body of evidence comes from the distribution of th-stopping, which is conditioned by the
same factors that have been shown to affect the gradient phonetic realization of consonants elsewhere.
For example, th-stopping has been shown to be more
likely at prosodic domain edges such as utteranceor phrase-initially, with the likelihood of stopping
increasing as one advances up the prosodic hierarchy [28]. These same (domain-initial) prosodic contexts have been shown to predict gradient consonant
strengthening (increased linguopalatal contact and
longer segmental durations) across languages [16],
displaying the same cumulative pattern. At the same
time, segmental contexts that disfavor th-stopping
have also been shown to predict gradient weakening of consonants elsewhere. For instance, stopping
is strongly disfavored when the target is flanked by
an open segment, such as a preceding vowel. Research has shown that the aperture of flanking vowels can affect consonant constriction, with the degree
of weakening generally increasing in more articula-

ABSTRACT
Research has shown that many phenomena traditionally treated as categorical (e.g., t/d-deletion) may
actually be the outcome of gradient phonetic processes. The current study extends this approach to
th-stopping, the realization of dental fricatives /θ ð/
as stops, to test whether it is better explained as the
outcome of gradient phonetic strengthening, rather
than a categorical phonological process, as generally assumed. Analysis of the acoustic and articulatory characteristics of /ð/ in a corpus of Standard
American English speech shows that, as predicted,
stopped /ð/ retains a dental place of articulation
and is more likely to occur in ”strong” (prominent)
prosodic contexts while being disfavored in ”weak”
(articulatorily open) segmental contexts. However,
comparison with non-categorical measures of consonant strength (duration and tongue-tip constriction)
shows that the latter do not systematically align with
predictors of stopping likelihood. These findings
suggest that th-stopping is not the endpoint of gradient gestural strengthening.
Keywords: phonetic gradience, gestural strengthening, variability, dental frictives, corpus phonetics
1. INTRODUCTION
Empirical work over the past several decades has
provided evidence that many cases of weakening/reduction that have traditionally been treated as
categorical phonological alternations may in fact
be the result of gradient phonetic processes. This
has been argued, for instance, with English t/ddeletion [4, 23], alveolar flapping [11, 9], and schwa
deletion [8].
However, these kinds of studies have generally
been limited to examining weakening/lenition phenomena, which involve a decrease in gestural constriction or duration [5]. By contrast, strengthening/fortition processes, which involve an increase
in consonantal constriction or duration have not at-
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Aligner [27] and subsequently hand-corrected by research assistants trained in phonetic transcription. A
burst detector [14] was then run on each /θ ð/ token
in the data. This script detects burst-like transients
in the speech signal by comparing successive 5 ms
windows in the spectrum and waveform, searching
for the areas of maximum difference, and assigns a
burst-strength score using a linear discriminate function trained on stop bursts in the TIMIT corpus. For
/ð/, this yielded burst-strength values ranging from 0
to 7.02 (M = 0.90, SD = 1.25). For reference, values
for /d/ ranged from 0 to 7.50 (M = 1.03, SD = 1.82).
A threshold for burst strength was then selected
and tokens were automatically classified as stopped
or non-stopped, based on whether they met this cutoff. This was done by selecting a single subject and
binning all tokens of /θ ð/ in their data for which a
burst score was returned into 0.5 increment burstscore windows. Following previous studies that
have used the presence of a burst as a marker of
stopping [28], tokens in each window were manually hand-checked to ensure the presence of a visible burst in the spectrum and waveform as well as
an audible burst in the sound file. Each token was
classified as stopped only if it met all three criteria. The threshold was then set at the lowest value
of burst strength above which 70% or more of tokens were classified as being stopped. A total of 136
tokens were thus analyzed, and the threshold was set
at 1.0, corresponding to the 1.0-1.5 window. At the
selected threshold, 36% of /ð/ tokens were classified
as stopped (compared to 50% of /d/ tokens).
Tongue-tip aperture for each token of /ð/ was also
determined by calculating the minimum distance between the (x,y) coordinates of the tongue-tip pellet
(T1) and those of the palate (Pal), using an adapted
Python script (Susan Lin, p.c.) with the equation in
(1).
√
(1) TT ap = (T 1x − P alx )2 + (T 1y − P aly )2

torily open contexts [17]. For example, Romero [25]
showed that Spanish stops systematically exhibit
less articulatory constriction in the context of a low
vowel than a high vowel, presumably due to the increased distance the tongue must travel in the former
case.1
If th-stopping is a gradient endpoint of gestural strengthening, then contextual factors that have
been linked to such strengthening (domain-initial
position) should predict not only higher likelihood of stopping, but also increased target duration/constriction, even when the target is not
stopped. Analogously, factors associated with gradient weakening of consonants (open/low vowels)
should predict both reduced likelihood of stopping
and a reduction in duration/constriction. By contrast,
if th-stopping is a phonological process, we may observe gradience in the phonetic realization of the target, but expect no correlation between likelihood of
stopping and consonant strength. A change in place
(e.g., to alveolar) would also support a phonological
explanation, because a phonetic mechanism does not
predict a change in articulatory target.
2. METHODOLOGY
2.1. Data

To test these questions, the present study examines
the effects of prosodic, segmental, and lexical factors
on the phonetic realization of 7486 tokens of /ð/ in
the X-ray Microbeam Speech Production Database
(XRMBDB) [26]. The XRMBDB utilizes a pointtracking system to monitor the position of small
(~3mm) gold pellets attached to the active articulators and other areas in the vocal tract, and the resulting data are synchronized with the acoustic signal. The participants, 48 speakers of Wisconsin English, performed oral motor tasks (e.g., swallowing,
repetition of dummy syllables) and read words in
isolation, sentences, and short passages. Many sentences found in the XRBMDB were selected directly
from previous speech production corpora such as
the TIMIT database [12]. Due to technical issues
in extracting point-tracking data for 7 subjects, the
present study excludes those participants, making for
a total of 41 speakers. In addition, because of model
convergence issues due to the relatively small number of /θ/ tokens (1229) in the data, only the results
of the /ð/ analysis are reported here.

Finally, duration was calculated based on the handcorrected segmental boundaries for each token of /ð/,
and place of articulation was calculated by taking the
maximum x-value of the tongue-tip pellet for each
token of stopped /ð/, fricative /ð/, and /d/.
2.3. Analysis

Likelihood of stopping, tongue-tip (TT) aperture,
and duration were analyzed with mixed-effects regression modeling using the lme4 package [1] in
the statistical software R [22]. Logistic regression [13] was used to predict the likelihood of stopping, while the continuous measures (TT aperture

2.2. Data preparation

Acoustic recordings from the XRMBDB were
automatically transcribed using the Penn Forced
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and duration) were analyzed using linear models, fitted to the subset of tokens that were not stopped
(since stopped tokens will necessarily be more constricted then non-stopped ones). All three models
had near-identical effects structure (the linear models also included duration or TT aperture as predictors in order to test the relation between these variables, following previous studies [16]). All three
models included random intercepts for speaker and
word, and fixed effects for word position (wordinitial, -medial, or -final), preceding context (low,
mid, or high vowel; fricative/affricate, liquid, nasal,
stop, or pause), following context (low, mid, or high
vowel), lexical stress (stressed or unstressed, based
on hand-corrected phonetic transcriptions), lexical
class (function or content word) and lexical frequency (log10 frequency measures from the SUBTLEX corpus [6]). Although the lexical factors
(word class, word stress, and word frequency) are
not of primary interest for the present study, they
were included as predictors in the regression analyses since they are theoretically motivated by previous studies of th-stopping [7, 10, 21, 2]. They were
thus included as controls even if they failed to significantly improve model fit. Finally, place of articulation of stopped /ð/, fricative /ð/, and /d/ were
analyzed using mixed-effects linear regression, with
random intercepts for speaker and word and a single
main effect of phone.

Table 1: Model estimates for log likelihood of
stopped /ð/.

Est.
SE
(intercept)
0.60
0.39
following low vowel -0.34**
0.12
following mid vowel -0.006
0.07
preceding low vowel -0.73*
0.30
.
preceding mid vowel -0.34
0.18
preceding high vowel 0.071
0.17
preceding liquid
-0.46*** 0.13
preceding nasal
-0.97*** 0.15
preceding stop
1.42*** 0.11
preceding pause
1.02*** 0.10
target word-final
1.30*
0.52
target word-initial
0.74 .
0.39
stressed word
-0.05
0.09
function word
0.49
0.39
log word frequency
-0.48*** 0.080
*** p < 0.001, ** p < 0.01, * p < 0.05, . p < 0.1
Table 2: Model estimates for /ð/ stopping likelihood, minimum tongue-tip aperture, and duration.
Results consistent with hypotheses are in boldface.

stop
TT ap
dur
(intercept)
0.59
31.70*** 60.79*
foll low vow
-0.34**
4.94**
7.36
foll mid vow
-0.01
3.39***
-8.37***
prec low vow -0.73*
-3.79*
13.59*
prec mid vow -0.34.
-2.77*
9.32**
prec high vow 0.07
0.31
7.69*
prec liquid
-0.46*** -2.00*
12.86***
prec nasal
-0.97*** -1.16
-9.55***
prec stop
1.42*** -6.69*** -8.76**
prec pause
1.02*** -4.94
25.84***
word-final
1.30*
-6.32
-16.09
word-initial
0.74.
-6.91*
-10.13
stressed word -0.05
00.24
4.70*
log word freq -0.48*** 1.03
-0.59
func word
0.49
0.13
20.23
TT aperture
–
–
-2.05***
duration
–
-0.03***
–
*** p < 0.001, ** p < 0.01, * p < 0.05, . p < 0.1

3. RESULTS
Results showed that prosodic, segmental, and lexical
factors were significant predictors of stopping (Table
1). A likelihood ratio test revealed that both preceding and following context were significant (χ2 (7) =
559.25, p < 0.001 and χ2 (2) = 9.85, p < 0.01, respectively), as were word position (χ2 (2) = 6.39,
p < 0.05) and word frequency (χ2 (1) = 35.34, p <
0.001). Predictors that favored stopping included
a preceding stop, phrase-initial position (preceding
pause), and word-final position and word-intitial position (although the latter only approached significance). Factors that disfavored stopping included
high lexical frequency, a preceding liquid, or nasal,
and, as predicted, a flanking low vowel (whether preceding or following).
Tongue-tip aperture of /ð/ (Table 2) was conditioned by preceding context (χ2 (7) = 54.90, p <
0.001), following context (χ2 (2) = 29.50, p < 0.001),
and duration (χ2 (1) = 22.91, p < 0.001). Word
position approached significance (χ2 (2) = 4.34, p
= 0.114). Factors predicting decreased TT aperture (greater constriction) included increased dura-

tion, word-initial position, and a preceding stop, low
vowel, mid vowel, or liquid. The reverse pattern
was observed for following vowels: in both cases, as
predicted, low and mid vowels predicted increased
tongue-tip aperture relative to high vowels, with a
greater effect observed for low vowels.
Duration of /ð/ (Table 2) was significantly affected
by preceding context (χ2 (7) = 348.04, p < 0.001),
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Figure 1: Density plots of maximum tongue-tip x-values for /d/ and stopped and fricative /ð/. Note that distances
are relative to a landmark on the mandibular incisors; values closer to 0 indicate a more anterior place of articulation.
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following context (χ2 (2) = 27.53, p < 0.001), lexical
stress (χ2 (1) = 5.71, p < 0.05), and tongue-tip aperture (χ2 (1) = 17.55, p < 0.001). Increased duration
was observed with decreased TT aperture, in phraseinitial position, in stressed words, as well as with
preceding high vowels, mid vowels, liquids, and
low vowels (in increasing order of magnitude). Decreased duration was observed with preceding stops
and nasals. Contra predictions, following mid vowels predicted increased duration compared to high
vowels.
Finally, results showed significant place of articulation differences between fricative /ð/, stopped /ð/,
and /d/ (χ2 (2) = 315.78, p < 0.001), which had mean
tongue-tip x-values of 7.87 mm, 7.54 mm, and 13.81
mm, respectively (Figure 1).

articulatory target.
On the other hand, however, the present study
fails to find a reliable relationship between likelihood of stopping and gradient measures of consonant strength (duration and tongue-tip constriction).
Not a single significant predictor of stopping was
able to also predict the patterns of both TT aperature and duration in the expected direction. Factors
correctly predicted to favor stopping (domain-initial
position) did not reliably predict increased constriction or duration in the portion of the non-stopped
data, nor did factors correctly predicted to disfavor
stopping (low vowels) reliably predict weakening. A
mismatch between stopping likelihood of /ð/ and TT
aperture/duration elsewhere may be due to assimilation to preceding segments, which has been attested
with laterals [20], nasals [19], and stops [28]).
Thus, the data do not fully support a picture of
/ð/-stopping in American English as being the extreme endpoint of a gradient gestural strengthening
process. While the contextual distribution of stopping was as predicted, the disconnect between the
gradient realization of the target and the likelihood
of stopping is inconsistent with a phonetic mechanism. Rather, /ð/-stopping appears to be a variable
phonological substitution process that is sensitive to
fine-grained phonetic and prosodic factors.

4. DISCUSSION
The pattern of results reported in this study provides
mixed support for the hypothesis that stopping of /ð/
in Standard American English is the result of gradient gestural strengthening. On the one hand, consistent with hypotheses, prosodic contexts that have
been shown in previous research to predict gradient strengthening of consonants also favored stopping of /ð/, which was more likely domain-initially
than domain-medially. Moreover, factors that have
been shown to result in gradient weakening of consonants (articulatorily open flanking segments) also
decreased the likelihood of stopping, such that low
vowels (whether preceding or following) disfavored
stopping more strongly than non-low vowels. Finally, both stopped /ð/ and fricative /ð/ displayed a
substantially more anterior tongue-tip than /d/, suggesting that stopping does not involve a change in
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Such coarticulatory effects, as Kirchner [17] observes,
may explain the different reduction patterns that have
been observed in Spanish past-participle allomorphs,
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lost entirely after a low vowel (/-ado/ → [ao]) [24].
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ABSTRACT
This paper investigates the articulatory characteristics
of Er-(diminutive) suffixation in Northeastern
Mandarin using an NDI Wave. We compared
temporal changes of the tongue configurations at
different deciles of the duration of both unsuffixed
and Er-suffixed monophthongal stems. In addition,
the vowel phoneme /ɚ/ (rhotic schwa) is included for
comparison. Results show that, details aside, Ersuffixation predominantly involves a retraction of the
tongue body (i.e., a bunched tongue configuration
exhibiting a positive value of the Tongue Tip Angle
(TTA) index across the board), while a raising of
Tongue Tip (TT) is found in the articulation of the
rhotic schwa /ɚ/. Diachronically, the Er-suffix is
derived via adding the rhotic schwa to a stem. So, the
well-known retroflex vs. bunched distinction of /ɹ/ in
American English is replicated in Northeastern
Mandarin, albeit in a different fashion.
Keywords: Electromagnetic Articulography, Ersuffixation, Articulation, Northeastern Mandarin
1. INTRODUCTION
Er-(diminutive) suffixation is one of the most
extensively studied morpho-phonological processes
in Mandarin Chinese. It has long been noted in
previous impressionistic studies that the phonetic
realization of the Er-suffix is contextually determined
([7, 11, 15], among others). When the stem ends with
a high front vowel, Er-suffix is realized as a
subsyllabic /-ɚ/, as in (a) in Table 1. On the other
hand, (b) in Table 1 illustrates the “fusional”
realization of Er-suffixation (i.e., a rhotacized stem;
[11]), when the stem ends with a non-front vowel.

Er-suffixed forms
phiɚ35
tɕyɚ55
pu˞ 51
khɤ˞ 35

2. METHOD
2.1. Data collection

The kinematic data were collected with the help of an
NDI Wave at the phonetics laboratory at National
Tsing Hua University, Taiwan. Three native speakers
of Northeastern Mandarin from Liaoning, (S1, male,
aged 25 y.o.; S2, male, 26 aged y.o.; S3, female, aged
24 y.o.) participated in this study. No hearing and
speech impairments were self-reported. The EMA
data were collected at a sampling rate of 100 or 400
Hz and the acoustic data were recorded at 22 kHz.

Table 1: Patterns of Er-suffixation in Mandarin
Chinese monophthongs

Stem
(a) phi35
tɕy55
(b) pu51
khɤ35

Regarding the articulatory properties of Ersuffixation in Mandarin Chinese, it is fair to say that
little is known about the overall tongue configuration
and temporal changes thereof. In two previous EMA
studies, for example, [18] confines his discussion to
the tongue tip and [8]’s major finding is that curling
of the tongue tip is not found. Therefore, in addition
to tongue tip, the first goal we set out is to investigate
the overall tongue configuration and in particular the
role of tongue dorsum positioning in Er-suffixation.
The second research question is to understand the
kinematic differences between the rhotacized and
subsyllabic allomorphs of Er-suffix, as in Table 1.
The tongue configurations of the unsuffixed and Ersuffixed stems are compared to see if there is any
shared articulatory trait for Er-suffixation. The third
research question is: although it is uncontroversial
that the Er-suffix is diachronically derived via
attaching the content word /ɚ24/ ‘son’ to a stem (i.e.,
the “rhotic schwa”), little is known about articulatory
differences between the Er-suffix and the rhotic
schwa in the literature. This study helps fill the gap.
In this study, the variety of Mandarin Chinese
under investigation is Northeastern Mandarin spoken
in Liaoning Province, although most, if not all,
previous studies of Er-suffixation are based on
Beijing Mandarin. We believe that is not a problem
since the general impression is that the Er-suffixed
forms are not perceptually distinguishable for most
cases between these two varieties of Mandarin
Chinese. On the other hand, this study also helps
better understand if there is any cross-dialectal
difference with respect to Er-suffixation.

Gloss
‘skin’
‘pony’
‘step’
‘shell’
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2.2. Material

The recording material includes both Er-suffixed and
unsuffixed meaningful monosyllables containing the
seven (surface) monophthongs, including the socalled “apical vowels”: /ɑ, i, y, u, ɤ, ɹ̩ , ɻ̩/. The onset
consonants are set to be /p/ or /ph/, and /ɕ, s, ʂ/ are
used when the nucleus is /y, ɹ̩ , ɻ̩/. The rhotic sounds
/ɚ/ and /ʐɻ̩/ (i.e., er and ri in Pinyin respectively) are
included in the wordlist as well. Participants were
asked to read a randomized list of the stimuli from a
computer screen for five times, yielding 240 tokens
in total (= 16 words × 5 repetitions × 3 speakers).
The target words were embedded in the carrier
phrase: __, mà __ ba ‘__, ‘scold __ PARTICLE’,
whereby only the second occurrences of a target word
were analyzed and reported in this work.
2.3. Data analysis

The EMA data were post-processed and analyzed
with the help of MView, a Matlab script developed
by Mark Tiede at Haskins Laboratories. Vertical and
horizontal positional coordinates were extracted at
the acoustically defined portion of a rime for the
sensors (in particular, Tongue Tip (TT), Tongue Body
(TB) and Tongue Dorsum (TD)). Subsequently, a
custom-made Matlab script is used to extract the
positional coordinates at deciles of the duration of a
rime for the temporal changes of the tongue postures.
In adddition, the positional coordinates were z-score
normalized within speakers and dimensions of EMA
sensors (high-low and front-back). Average z-scores

were converted back into millimeter values for ease
of visualization of the kinematic data.
3. RESULTS
3.1. Temporal changes of the tongue configurations

In Figures 1~4, the temporal changes of the overall
tongue postures are illustrated. Only the results from
S1 and S2 are reported here because of space limit.
As a matter of fact, S3 produced similar results, too.
Figures 1a-b and 2a-b are concerned with the cases
whereby an open syllable contains the front vowels /i,
y/. The tongue positions of the unsuffixed forms
(represented with a green dashed line throughout) are
higher than those of Er-suffixed forms (represented
with solid lines throughout). In these contexts, we
may say that the Er-suffixation predominantly
involves tongue retraction. Regarding the so-called
apical vowels /ɹ̩ , ɻ̩/, Figures 1c and 2c refer to the cases
of the plain, “non-rhotacized” apical vowel (/ɹ̩ /). Here
tongue retraction is also robustly attested and it is
equally remarkable that the tongue positions of an
unsuffixed apical vowel are lower than those of Ersuffixed forms, unlike what we have witnessed in
Figures 1a-b and 2a-b. Finally, only TD is slightly
lowered in the cases of the “rhotacized” apical vowel
(/ɻ̩/), as shown in Figures 1d and 2d. Otherwise, there
is no obvious temporal change of the tongue
configurations (i.e., no “vowel gliding”), especially in
the anterior portion of the tongue, as far as the Ersuffixed rhotacized apical vowels are concerned.

Figure 1: Temporal changes of S1’s tongue configurations of Er-suffixed forms (a) /phi/-Er “skin”; (b) /ɕy/- Er “hair”;
(c) /sɹ̩ /-Er “Four (nickname)”; (d) /ʂɻ̩/-Er “issue”

(a)

(b)

(c)

(d)

Figure 2: Temporal changes of S2’s tongue configurations of Er-suffixed forms (a) /phi/-Er “skin”; (b) /ɕy/-Er “hair”;
(c) /sɹ̩ /-Er “Four (nickname)”; (d) /ʂɻ̩/-Er “issue”

(a)

(b)

(c)
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(d)

A measurement index “Tongue Tip Angle” (TTA)
is proposed in [14] to differentiate the retroflex /ɹ/
from the bunched /ɹ/ in American English. Our results
show that the Er-suffixed front vowels have a positive
TTA, meaning that the Er-suffix is not a genuine
retroflex sound here (i.e., TB is higher than TT).
Indeed, a casaul comparison with [17]’s taxonomy of
the /ɹ/-related tongue shapes suggest that S1 (and
S3)’s tongue configurations are more like type A, and
S2’s are more like type B, both referring to a bunched
/ɹ/ configuration.
Figures 3 and 4 illustrate the kinematic data for the
Er-suffixed vs. unsuffixed back vowels (/ɑ, u/). We
can see that the tongue positions of an unsuffixed
back vowel are lower (green dashed line) than those
of the Er-suffixed forms. The Er-suffixed back
vowels have significantly higher TT and TB (i.e., the
anterior part of the tongue) than those of the
unsuffixed forms, suggesting that Er-suffixation is
implemented via TT raising and, to a lesser extent, TB
raising, when the nucleus vowel is non-front. It is also
remarkable that there seems no “gliding” in Ersuffixed forms here (cf. Figures 1d and 2d), unlike
what we have seen for the cases of Er-suffixed front
vowels (/i, y, ɹ̩ /) in Figures 1a-c and 2a-c.
Figure 3: Temporal changes of S1’s tongue
configurations of Er-suffixed back vowels: (a) /pu/Er “step”; (b) /pɑ/-Er “handle”.

(a)

3.2. More on the phonetic realization of Er-suffix

What is left untouched in the preceding sections is to
see if there is any shared articulatory trait of the Ersuffix, in particular, when the stem ends with a high
front vowel. Therefore, an articulatorily defined onset
of the Er-suffix is needed for this purpose. To do so,
again, with the help of a custom-made Matlab script,
we managed to extract the positional coordinates of
an Er-suffixed rime in the mid point between the time
point when TT passes half way and the end point of a
rime (roughly the sixth or the seventh decile, or, t6 or
t7 in the figures). Consider now Figures 5 and 6.
Figure 5: Onsets of the Er-suffix (S1)

Figure 6: Onsets of the Er-suffix (S2)

(b)

Figure 4: Temporal changes of S2’s tongue
configurations of Er-suffixed back vowels: (a) /pu/Er “step”; (b) /pɑ/-Er “handle”.

(a)

(b)

Unlike Standard Chinese, vowel /ɤ/ undergoes
substantial gliding (diphthongization) in Northeastern
Mandarin. Therefore, this vowel phoneme is not
included in our discussion of the results, although our
observation is that /ɤ/ does pattern alike with respect
to Er-suffixation. See also Figure 8 in section 3.3. for
more discussion.
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Front and non-front vowels, as we have seen in
Figures 5 and 6, form two distinct clusters. Regarding
the front vowels, we can see that the onset of the
overall tongue shapes of the Er-suffix is more similar
to a bunched /ɹ/. A positive TTA ([14]) is obtained in
the data, indicating that TB, but not TT, plays a more
active role in the realization of the Er-suffix attached
to a high front vowel. On the other hand, the Er-suffix
does not involve TT/TB raising, when the stem
contains a back vowel. Therefore, the present results
confirm that a “curled-up” TT is not found in Ersuffixation in Northeastern Mandarin, just like its
counterpart in Beijing Mandarin (as in [8]).

3.3. The “rhotic schwa” vs. Er-suffix

In Northeastern Mandarin, /ɚ/, or, the (unsuffixed)
rhotic schwa, just like its plain, “non-rhoticized”
counterpart /ɤ/, undergoes robust diphthongization
(or, gliding) as well. In Figure 7, we can see that TT
raising is the shared feature for this (unsuffixed)
rhotic vowel. In contrast, Figure 8 shows that TT
raising is absent in the Er-suffixed vowel /ɤ˞/ (note
that vowel gliding occurs only in unsuffixed vowel /ɤ/
in Northeastern Mandarin). Rather, the Er-suffixed
vowel /ɤ˞/, albeit heavily diphthongized, features an
elevated tongue configuration, just like the other back
vowels (see also Figures 3~4) Taken together, the
present data reveal that, articulatorily speaking, Ersuffix and the rhotic schwa are not identical, at least
in Northeastern Mandarin.
Figure 7: Temporal changes of the tongue
configurations of the rhotic schwa /ɚ/ ‘son’: S1
(left) and S2 (right)

Figure 8: Temporal changes of the tongue
configurations of /ɤ/ and /ɤ˞/: S1 (left) and S2 (right)

conclude that Er-suffix does not involve a retroflex
tongue configuration. The Tongue Tip Angle (TTA)
index values calculated for the Er-suffixed forms also
lends support to this view: TTAs are positive in 103
out of 105 tokens, meaning that no curling up of the
anterior portion of the tongue is attested. So, we can
say that TT is not the only major articulator for Ersuffixation (contra [2, 4, 18]). Instead, Er-suffixation
is primarily implemented by a retraction of the tongue
body, at least in Northeastern Mandarin.
4.2. Diachrony vs. Synchrony

We have shown that TT plays a very limited role in
Er-suffixation. However, TT is found to be the major
articulator responsible for the unsuffixed vowel
phoneme rhotic schwa /ɚ/ (Figure 7). This finding is,
to a great extent, reminiscent of the well-established
fact that the /ɹ/-related sounds in English come into
two broad types, namely, the retroflex /ɹ/ and bunched
/ɹ/ [3, 5, 17], together with substantial intra- and interspeaker variation [1, 3, 5, 13]. Interestingly enough,
the present results seem to suggest a potentially
possible evolution path for Er-suffixation. Precisely,
Er-suffix is historically originated from adding the
word /-ɚ24/ ‘son’ to a stem to form a diminutive.
Through the process of grammaticalization, it is not
unlikely that the phonological representation of the
Er-suffix becomes different from that of the
(unsuffixed) rhotic schwa, as evidenced in Section 3.3.
5. CONCLUSION

4. DISCUSSION
4.1. The non-retroflex nature of Er-suffixation

The results of our EMA study confirm that Ersuffixation does come into two types, a “subsyllabic”
[-ɚ] and a “rhotacized” vowel (i.e., the fusional type)
([11]), as in Table 1. For the high front vowels, Ersuffixation often results in gliding because of tongue
retraction (Figures 1a-c, 2a-c). Impressionistically,
gliding of this sort may be perceived as a subsyllabic
[-ɚ]. On the other hand, Figures 3~4 show that vowel
gliding is not found in the cases of Er-suffixed back
vowels. Instead, the only difference between the
unsuffixed and Er-suffixed forms lies in the overall
height of the tongue postures. To this end, we may
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This paper is an attempt to investigate the articulatory
characteristics of Er-suffixation in Northeastern
Mandarin, one of the most well-studied morphophonological processes in Chinese phonology.
Needless to say, the present results are inconclusive
in many respects. For example, EMA is not capable
of tracking the movement of the lower tongue root.
Some important information of TD retraction may be
lost. Also, the small number of the participants
prevents us from exploring whether intra- and interspeaker variation is also found in Er-suffixation, just
like the case of /ɹ/ in American English. We will leave
these problems for more studies in the future, by
employing the co-collection of the EMA and
ultrasound technologies and collecting data from
more native speakers of Mandarin Chinese.
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ABSTRACT
This study explores some of the predictions made
by the theory of Articulatory Phonology regarding
the combined effects of distinct constriction degrees
at the global vocal tract level. Data from peninsular
Spanish are used to test whether the constriction
degrees of two adjacent heterorganic consonants
(stop+stop or stop+nasal) in words such as abdicar
or abnegar influence each other as a function of
context and speaking rate. Results show a variety of
patterns in constriction degree realization, ranging
from full occlusion to wide lenition for both
consonants in the sequence. In addition, Pearson
correlation coefficients show strong positive
correlations between the constriction degrees of the
consonants in the sequences, especially when they
are both voiced stops, but also in stop+nasal
combinations. These results are taken as evidence
that the constriction degree of an individual gesture
can have output effects at the vocal tract level
beyond the individual gesture's constriction location
specification.
Keywords: constriction
lenition, tube geometry.

degree,

Spanish

stop

1. INTRODUCTION
1.1. Constriction degree in Articulatory Phonology

In standard Articulatory Phonology theory [1, 2]
gestures are defined on the basis of a set of simple
tract variables. Of these, constriction degree (CD)
and constriction location (CL) are usually identified
as correlates of the more traditional phonological
notions 'manner of articulation' and 'place of
articulation', respectively. The relationship between
these two basic gestural attributes and whether they
can be activated independently of each other remains
a point of contention in the theory. A distinction is
made in [1] between 'input' and 'output' features;
while the 'input' features refer to more strictly
articulatory, production aspects at the individual
gestural/articulator level, 'output' features have to do
with more 'global' consequences at the vocal tract
level which take into consideration aspects not only
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of articulation per se, but also aerodynamics and
acoustics.
Similar observations are made in [3] in a claim
for a less localized view of articulatory gestures.
This distinction between input and output features is
particularly relevant for CD, given that the overall
aerodynamic and acoustic nature of a given
utterance will depend to a great extent on the
different constriction degrees that are activated at
any given point in time during the production of a
sound or sequence of sounds. The tube geometry
proposal in [1] is an attempt to formalize the
composite output effects of CD at different points in
the vocal tract; the idea is that the effect of different
CDs for different gestures percolates up the
geometry hierarchy to produce an overall vocal tract
CD. The study reported on here aims to test the
predictions regarding global CD effects mentioned
above by looking at heterorganic stop sequences in
Spanish.
1.2. Stop lenition in Spanish

It is well known that Spanish voiced stops /b, d, g/
lenite (spirantize) in all positions except in absolute
initial position, after nasals and, for /d/, after /l/.
Given that Spanish also systematically assimilates
nasals to the point of articulation of following
consonants, the non-leniting contexts for /b, d, g/
(other than absolute initial position) always involve
homorganic sequences: /mb/, /nd/, /ld/, /ŋg/. If we
understand spirantization as essentially the result of
articulator undershoot [4, 5], the homorganicity of
nasal+stop sequences can be seen as largely
responsible for the lack of lenition in the stops.
Work by [6] shows that the nasal+stop sequences are
in fact produced with one single articulatory gesture.
Since the nasal requires full occlusion, the gesture is
realized as a complete closure, which prevents
undershoot in the stop. This accounts for the
different outcome in homorganic /ld/, with no
lenition, compared to heterorganic /lb/ or /lg/, which
show lenition.
While most work on Spanish stop lenition has
focused on the contexts outlined above, there are
other possible sequences in the language which
challenge the idea that lack of lenition, understood
as a reduction in CD, is necessarily linked to

homorganicity, an agreement in CL. Sequences of
two stops in words such as adquirir, abdicar,
adverso, subcampeón, or stop+nasal as in abnegar,
admirar, asignar, present interesting study cases
because they are all heterorganic and therefore the
presence or absence of lenition cannot be accounted
for in the same terms as with the more common
homorganic sequences. In [7] similar contexts are
described as ranging from stops with complete
closures and varying degrees of voicing to lenited
(approximant) realizations. It remains to be seen,
however, to what extent the CD specifications for
each member of the stop+stop or stop+nasal
sequences influence each other in these heterorganic
clusters.
The predictions within Articulatory Phonology's
tube geometry proposal indicate that when two tubes
are joined in series, the resulting CD should be that
of the narrowest constriction. Thus, if there is a
complete occlusion within the tongue tube for C1,
then the closed CD would percolate all the way to
the vocal tract level, which would in turn condition
C2 to appear as fully constricted as well. If, on the
other hand, C1 is lenited and therefore the vocal
tract tube allows for a certain degree of laminal
airflow, we would expect C2 to show signs of
lenition as well. Thus, in a word like abdicar, if /b/
is fully occluded then we would expect /d/ to be
fully occluded as well. If, on the other hand, /b/ is
lenited, we would expect /d/ to show signs of
lenition too. These predictions would account for the
variations observed by [7].
2. METHOD
2.1. Stimuli and subjects

In order to test this hypothesis, an acoustic study
was carried out with a set of words that included
stop+stop sequences and stop+nasal sequences, as
shown in Table 1. Due to the limited number of
Spanish lexical items with these sequences, it was
not possible to control for all possible combinations
of place of articulation or voicing, especially as
regards C2. The set used here, however, is made up
of words that are by no means unusual or unfamiliar
to any educated speaker of Spanish.

Six native speakers of peninsular Spanish from
the Madrid area read the words ten times in carrier
sentences at two different speaking rates, slow and
fast, as established by an automatic computer
presentation of the stimuli (3 second intervals and 1
second intervals between slides for the slow and fast
rates, respectively). The two rates were included in
order to encourage the production of more lenited
tokens (at the faster rate) and more occluded tokens
(at the slower rate), following [8]. The data were
obtained in a soundproof booth using a professional
condenser microphone and digitized using Adobe
Audition.
2.2. Data analysis

Measurements of consonant duration and relative
amplitude were obtained for both C1 and C2.
Segmentation was done using the Praat analysis
software and facilitated, especially for the lenited
tokens, by the use of an automated event
identification procedure based on first derivative
traces of signal intensity. Relative amplitude was
obtained by calculating the difference in intensity
between the consonants and the flanking vowels. In
this paper, only results for relative amplitude will be
reported.
3. RESULTS
3.1. Constriction degree patterns

Despite a great deal of variability in the data, from a
qualitative point of view it is possible to identify a
series of main patterns in the way that the
constriction degrees of C1 and C2 are realized as a
function of context and speaking rate. A large
number of the tokens analyzed for the six subjects
show the fully occluded pattern illustrated in Figure
1.
Figure 1: Example of fully occluded stops in an
instance of the word adverso.

!

Table 1: Words included in the study

C1voiced stop +
C2voiced stop
C1voiced stop +
C2voiceless stop
C1voiced stop +
C2nasal

labial C1

dental C1

velar C1

abdicar

adverso

rugby

subclase

adquirir

———

abnegar

admirar

asignar

In these cases, both C1 and C2 are consistently
fully occluded. Even though this pattern can occur
in any of the C1-C2 combinations, as in the C1voiced
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stop + C2voiced stop sequence shown in the figure, it is
particularly common in slow rates and when C2 is a
voiceless stop. Such a configuration resembles the
situation in cases where the same stop occurs across
syllable boundaries, as in obvio or adducir [7],
which commonly result in a long, fully-occluded
sequence.
At the other extreme of the occlusion continuum,
many tokens show the pattern illustrated in Figure 2.
Here, an example of the same word adverso, both
C1 and C2 are lenited, as shown by the higher
amplitude of the waveform and the uninterrupted
formant traces clearly visible in the spectrograph.

Figure 2: Example of lenited stops in an instance
of the word adverso.

In some of these cases, as in the figure, the
vocalic element is large enough to induce lenition of
C2 even if C1 shows a more occluded constriction
degree. This reproduces the standard behavior of
voiced stops in VCV sequences, even if the first V is
not an actual vowel but the result of the
spatiotemporal coordination between C1 and C2.
Overall the patterns illustrated here show the
existence of a continuum of constriction degree in
the realization of C1-C2 sequences that goes from
full occlusion to clear lenition. In addition, at least
from a qualitative point of view, it seems that the
actual constriction degree of C2 is largely influenced
by that of C1 even when they are not homorganic, as
would indeed be predicted by tube geometry.
3.2. Quantitative analysis

!

As expected, the lenited patterns show up more
frequently in fast tokens and in C1voiced stop + C2voiced
stop sequences. However, it is not uncommon to find
examples of reduced constriction degrees in C1voiced
stop + C2nasal for both the stop and the nasal, as well as
in a few instances of C1voiced stop + C2voiceless stop,
where again both stops show incomplete closures.
Figure 2 also shows a common occurrence in
those cases where both C1 and C2 show large
degrees of lenition, i.e., the presence of a small
vocalic element between the two stops. This vocalic
element shows spectral characteristics that are a
continuation of those of the previous vowel. The size
of this element is highly variable and tends to occur
more frequently in combinations where C1 is velar,
as illustrated in Figure 3 for the word rugby.
Figure 3: Example of vocalic element between the
two stops in an instance of the word rugby.

In addition to the qualitative observations briefly
reviewed in 3.1., the data were analyzed
quantitatively using Pearson product-moment
correlation coefficients. The rationale for the
analysis is that the relationship between the
constriction degrees of C1 and C2 should show a
certain degree of linearity. Thus, if the constriction
degree of C2 is determined by that of C1, we should
be able to obtain significant degrees of correlation
between the amplitude values for C1 and C2. These
correlations are expected to be higher for the C1voiced
stop + C2voiced stop sequences than for the others, as it is
the voiced stops that are more consistently and more
substantially affected by lenition.
Table 2 shows r coefficient values for the
correlation analyses performed by word and rate. As
can be seen, the results in general corroborate the
predictions regarding the relationship between the
constriction degrees of C1 and C2.
Table 2: Results (r coefficients) of the Pearson
product-moment correlation analyses.
abdicar
adverso
rugby
subclase
adquirir
abnegar
admirar
asignar

fast (n=60)

slow (n=60)

.7251
.6953
.3510
-.1393
.4844
.6005
.5393
.6121

.5196
.2277
.1464
.1878
.5925
.3160
.2327
.5135

First of all, there is a clear difference in the results
with respect to the rate variable, with correlations
always being higher for the fast rates than for the
slow rates, except for the C1voiced stop + C2voiceless stop
sequences, including the word subclase, which
shows a negative correlation for the fast rate. This is
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consistent with the expectation that an increase in
speaking rate would favor higher degrees of lenition.
Second, regarding the type of consonant
sequence, C1voiced stop + C2voiced stop sequences,
illustrated by the words abdicar and adverso, show
the strongest correlations in the fast rate (.7251 and
.6953, respectively), followed by the C1voiced stop +
C2nasal sequences, illustrated by the words abnegar,
admirar and asignar, which show medium to strong
correlations for the fast rate (.6005, .5393 and .6121,
respectively). An exception to this trend is the word
rugby, which shows a weak correlation (.3510) even
in the fast rate. A possible explanation for this
difference has to do with the observed presence of a
vocalic element between C1 and C2. As mentioned
above with reference to Figure 3, the presence of a
significant vocalic element often results in lenition
of C2, independently of the degree of constriction of
C1, hence the low correlation between the two
consonants for this word.
Finally, the C1voiced stop + C2voiceless stop sequences,
as in the words subclase and adquirir, show low or
even negative correlations (-.1393 and .4844,
respectively) even for the fast rate. This seems to
indicate that, despite the fact that voiceless stops can
often be produced with incomplete occlusions,
especially in intervocalic position and in fast rates,
in consonant sequences the potential incomplete
closure of C1 is insufficient to trigger lenition in C2.
This and the fact that in these sequences C1 and C2
differ in voicing may be resulting in a more complex
set of patterns than anticipated. In this sense, it is
worth mentioning that a sizeable number of tokens
of these two words showed considerable degrees of
frication and partial devoicing of C1. Thus, further
research is needed in order to understand the
interaction between constriction degree and voicing
in these sequences.
4. DISCUSSION AND CONCLUSIONS
The main purpose of this study was to investigate
global effects of constriction degree by looking at
the degree of lenition in non-homorganic sequences
of stops in Spanish. Based on the predictions stated
by the Articulatory Phonology theory, as well as
related work, it was hypothesized that there should
be a clear relationship between the constriction
degrees of C1 and C2, where C1 is a voiced stop. In
tube geometry terms, the prediction is that if there is
a complete occlusion within the tongue tube for C1,
then the closed CD would percolate all the way to
the vocal tract level, which would in turn condition
C2 to appear as fully constricted as well. If, on the
other hand, C1 is lenited and therefore the vocal
tract tube allows for a certain degree of laminal
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airflow, we would expect C2 to show signs of
lenition as well.
The results obtained with heterorganic stop+stop
and stop+nasal sequences in Spanish appear to give
support to such an interpretation. The correlation
coefficients obtained, especially for the C1voiced stop +
C2voiced stop sequences, indicate that the constriction
degrees of the two consonants are intricately related
in spite of the fact that they differ in constriction
location. This also points at the fact that the
directionality of the prediction (C1 determining the
constriction degree of C2) is probably a
simplification of the actual facts, which seem to
point rather to a composite output effect as a result
of a process of blending of the constriction degrees
of the two consonants.
The results also provide support for a less
localized view of articulatory gestures, as suggested
in [3]. The standard assumption in Articulatory
Phonology is that gestures operate locally as the
result of the activation of individual tract variables
and, therefore, constriction degree and constriction
location specifications for a particular gesture cannot
be disassociated. However, the results obtained in
this study show how the constriction degree of a
particular gesture can be altered by or even blended
with that of another gesture with a different
constriction location specification, at least as far as
the output features are concerned. Thus, the
observed relationship between the resulting
constriction degrees of C1 and C2 seems to hold
independently of their constriction location
specifications (labial+velar in subclase, dental+velar
in adquirir, velar+labial in rugby, etc.). Further
research will help clarify these issues by
investigating the temporal effects on individual stops
in these heterorganic sequences.
In addition to the findings regarding constriction
degree and the claim for a less localized view of
articulatory gestures, this study also contributes to
our knowledge and understanding of Spanish stop
lenition by providing phonetic detail of contexts that
have not been the subject of much previous research,
in the hope that it will contribute to a better and
more thorough understanding of the phenomenon.
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ABSTRACT

Tongue movement from one speech element to
another has been found to consist largely of two
patterns, “pivot” and “arch” [5]. Diphthongs act as a
single element for some purposes but two for others.
What does the pattern of tongue changes indicate
about their status? Our data come from ultrasound,
which lacks information on most of the hard
structures. This limitation requires a new method to
quantify patterns of tongue movement. Tongue
shapes of diphthongs and the vowel sequences with
syllable (Korean) or mora (Japanese) boundaries
were collected with the HOCUS system [14] from
native speakers of Mandarin, Korean and Japanese.
The sequence of tongue gestures from each token was
contoured. Computational modelling of the strength
of the pivoting movement indicate that diphthongs
consist of two elements, with pivot and arch patterns,
similar to previous results, and possibly a new “shift”
pattern, in which the entire visible surface moves.
Keywords: Pivots, Diphthongs, Methodological
research, Speech Production
1. INTRODUCTION
Although tongue movement in speech is habitually
controlled by speakers, its kinematics are complex.
Iskarous [5] proposed that tongue movement and the
change of area function from one speech element to
the other show two main systematic kinematic
patterns, termed the “pivot” and the “arch”. The
pivoting pattern is found when the tongue gesture of
two segments make maximal movements in two
constriction locations and minimal movement
between them. At the pivot point, very little change
occurs in midsagittal distance function (i.e., the
distance from tongue to palate and posterior
pharyngeal wall at vocal tract). The arching pattern is
characterized by having a single region where the
midsagittal distance function changes, and another
region has very little change. The pivot pattern has
been found to be relevant to perception [6, 11].
Additional studies have found pivoting in Russian [13]
and in clinical populations [8]. Although these studies
supported the findings from [5], studies on dynamic
patterns of tongue movement are very limited. More
importantly, the methodological issue that an X-ray
database of speech analysed in [5] estimated
midsagittal distance function which is a crucial
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component of area function [3, 15] based on a polarrectangular grid. This method requires an extensive
view of both the soft and the hard structures (i.e., the
edge of the tongue, palate and posterior pharyngeal
wall). Because the calculation of pivots requires a
quantification of the majority of the tongue surface,
point parameterizations such as x-ray microbeam [7]
or electromagnetic articulometry [12] do not allow
assessment of pivots. Ultrasound provides a relatively
extensive view of the tongue shape, but the images
lack the referential hard structures. This limitation of
ultrasound images, which are widely used in
articulatory study, requires new methods to quantify
tongue movement if we are to use the data for
assessing the pivot hypothesis.
The current paper proposes a method of
quantifying the degree of pivoting in tongue
kinematics based on tongue gestures from ultrasound
images. Tongue kinematic patterns from diphthongs
and the corresponding sequence of vowels produced
by native speakers of three different languages (i.e.,
Mandarin, Korean and Japanese) were investigated.
Acoustic studies suggest that diphthongs have two
elements [4, 9]. The second formant, in particular,
plays an important role as its rate of transition varies
among diphthongs and influence their identification
[2]. Whether those two elements are related by a pivot
pattern is undetermined; Iskarous [6] called [ai] a
“sequence,” so diphthongs may differ.
The present study uses ultrasound images to a)
investigate whether the previously proposed two
basic patterns of tongue movement could explain the
majority of the tongue movement found in diphthongs
and vowel sequences from three languages; b)
whether the pivoting patterns could be quantified
based on only tongue gestures, and c) whether
diphthongs might exemplify a new pattern of tongue
movement which does not fall into two basic patterns.
2. EXPERIMENT
2.1 Participants

6 native speakers, 1 male and 1 female speaker each,
of Seoul Korean, Tokyo Japanese and Standard
(Mandarin) Chinese participated the experiment.
None reported having been diagnosed with any
language or speech disorder.

2.2 Stimuli

For each language, the target words were written in
their own writing system. Participants were instructed
to produce 5 repetitions of 3 target words. The target
words for Mandarin speakers consisted of three
Mandarin diphthongs. To elicit the diphthong /ei/, the
target word /bei/ was presented to participants, but
they were asked to pronounce only the vowel of the
target word and omit the onset consonant. The target
words for Korean and Japanese consisted of
sequences of two vowels. The Korean vowel
sequences all contained syllable boundaries (marked
by dots) between two vowels resulting in two
syllables for each vowel sequence. The Japanese
vowel sequences all contained mora boundaries
which are marked by hyphens. Although there is a
mora boundary, the Japanese vowel sequences are
considered to be a single syllable. Table 1 shows all
target words from each language.
Table 1: Stimuli list.
Languages
Mandarin

Korean

Japanese

Targets
/ai/
/au/
/(b)ei/

Characters
哀
凹
杯

Meaning
‘sadness’
‘concave’
‘cup’

/a.i/

아이

/a.u/

아우

/e.i/

에이

‘child’
‘younger
brother’
‘non-word’

/a-i/
/a-ɯ/
/e-i/

愛
あい
会う あう
エイ えい

‘love’
‘to meet’
‘fish’

2.3 Ultrasound recording

An ultrasound system (Ultrasonix; Sonix Touch)
using a basic 2D imaging mode was used to collect
real-time mid-sagittal images of the tongue. The
center frequency of the ultrasound transducer was set
to 6.5 MHz. The field of view was 148° (sector 75%
= 111°), and an imaging depth was 8 cm. The frame
rate was 59.9 frames per second, which provides a
sufficient quantity of time-frames for the analysis of
the diphthongs. The microconvex ultrasound
transducer was placed underneath the participant’s
chin with a fixed spring-loaded transducer holder.
The transducer holder was fixed to a weighted
customized pedestal.
2.4 Ultrasound image contouring

The start and the end of the target vowels were
demarcated from the audio recording based on the
waveform and the spectrogram using Praat software
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[1]. Every frame from each vowel interval was
contoured using EdgeTrack [10], which computes
100 x-y coordinates and these coordinates were then
resampled to be equally-spaced and ordered such that
the first point is the most anterior tongue point. The
Haskins optically-corrected ultrasound system
(HOCUS) was used to correct for probe movement
relative to the head by remapping contours to a headcentric coordinate system [14].
2.4 Quantifying the patterns of tongue movement

An algorithm was devised to quantify pivot strength.
Tongue contours were analyzed by a short time
window with a fixed window length w, sliding
through all time frames (time step = 1 frame),
resulting in N analysis windows. A window contains
tongue contours in 2*w+1 time frames (w preceding
and w following time frames, centered at the temporal
(frame) index i). Fig. 1 demonstrates an example of
tongue movements of the Mandarin diphthong /ai/,
starting from the red lines and ending in the blue lines.
Fig. 2a indicate the tongue contours across 2*w+1
frames, centered at the i frame, extracted from the
total frames in Fig. 1.
For each window, an anchor point (the black circle
in Fig. 2a and 2b) is defined as the point on the tongue
with the smallest average distance to all points from
the other frames, taking into account the 2*w+1
frames in the current window. The local maximal
tongue displacements immediately more anterior and
posterior to the anchor point are defined as the precontext (C1) and the post-context (C2), respectively
(Fig. 2a-b, where the green circle and line indicate C1
and the brown ones indicate C2). A pivot strength Si,
for the ith window, is defined as the mean of C1i and
C2i. The pivot frame is defined as the frame
containing the pivot with the largest Si (in this
example, between the blue and red lines of Fig. 2a).
The tongue movement is considered as having a
pivot pattern when both C1 and C2 are above a
threshold k (default = 10% maximum tongue
displacement), and they are both relatively large, i.e.,
their absolute difference ||C1 - C2|| is below k (Fig. 2).
An example of the pivot pattern analysis shown in
Figs. 2 is a token of the Mandarin diphthong /ai/ with
w = 4 (window length = 150ms). As shown in Fig. 2b,
the tongue displacements from C1, passing the anchor,
to C2 formed a V-shape pattern for the pivot tongue
movements.

Figure 1: Example of pivot pattern in the Mandarin
diphthong /ai/. Thick red line indicates the start of
the diphthong; thick blue line the end of the
diphthong.

Figure 4: Tongue contours across frames of an
analysis window (a) and the corresponding tongue
displacement for each tongue point (b).

Figure 2: Tongue contours across frames of an
analysis window (a) and the corresponding tongue
displacement for each tongue point (b).

3. RESULTS
3.1. Pivot strength

An example of the arching pattern from the
Korean vowel sequence /a.u/ is shown in Figs. 3 and
4, with w = 6 (window length = 217ms). An arching
pattern requires that either C1 or C2 is above k and
their difference is relatively large, i.e., ||C1 - C2|| is
also above k (Fig. 4b). In Fig. 4b, the tongue
displacement plot for arching pattern shows that only
C1 is above the threshold k. The tongue
displacements from C1 to C2 shaped a diagonal
pattern for the arch tongue movements.
As physiological differences (e.g., vocal tract size)
across speakers might influence maximum tongue
displacement, pivot strength is normalized within
each speaker using a z-transformation. Also, each
speaker differs in speech rate, which could influence
the number of frames per vowel. Thus, the window
length is presented as the portion of the total number
of frames (NFrame) for each target vowel (2*w+1
/NFrame * 100).
Figure 3: Example of arching pattern in the Korean
vowel sequence /a.u/. Thick red line indicates the
start of the vowel; thick blue line the end of the
vowel.

Table 2 presents the optimal window sizes (w) and
maximum pivot strengths (S) for the diphthong/vowel
sequences /ai/, /ei/ and /au/, averaged across the three
languages. Among the three vowels, /ai/ has the
strongest pivot strength (3.1) followed by /au/ and /ei/.
Table 3 shows the optimal window sizes and pivot
strengths for each language, averaged across vowels.
The Korean vowel sequence have similar pivot
strength and smaller optimal window size than
Mandarin diphthongs. This suggests that although
Korean and Mandarin diphthong/vowel sequences
have similar pivoting tongue displacements, the
pivoting tongue movements in the Mandarin
diphthong extends longer in time than those in
Korean. On the other hand, Japanese seems to have
weaker pivot strength showing lesser tongue
displacements in pivoting tongue movements. Table
4 shows that the values do not differ much by for each
language. Lastly, Table 5 summarizes the pivot
strengths and optimal window size for each vowel in
each language.
Table 2: Optimal window size and normalized
maximum pivot strength by vowels.

/ai/ /ei/

/au/

window size (%)

76

49

54

pivot strength

3.1

1.5

2.2

Table 3: Optimal window size (w) and normalized
maximum pivot strength (S) by language.

Diphthongs
Mandarin
w (%)
68
S
2.9
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vowel sequence
Korean Japanese
51
89
2.9
1.7

Table 4: Optimal window size (w) and normalized
maximum pivot strength (S) by speaker.

w (%)
S

Mandarin

Korean

Japanese

F
37
2.7

F
M
68 51
2.6 2.9

F
73
2.1

M
68
2.9

Figure 5: shifting patterns of Mandarin,
Japanese and Korean /ei/ vowels.

M
27
2.1

Table 5: Optimal window size (w) and normalized
maximum pivot strength (S) of vowels by language.

4. DISCUSSION AND CONCLUSION
vowels
/ai/
/ei/
/au/

Mandarin Korean
w
68
76
S
2.9
3.1

Japanese
95
2.2

w

54

22

65

S
w
S

2.5
56
0.3

2.2
21
2.1

1.4
54
2.2

Besides pivoting tongue movements, most of the
arching movements were found in the Mandarin
diphthong /ei/ and the Korean vowel sequence /a.u/.
3.2 Shifting pattern

There are, nonetheless, tongue movements that
cannot be identified either as pivot or arch patterns by
our algorithm. Most of those unidentifiable tongue
movements show a consistent shifting pattern (Fig. 5).
The shifting patterns were found in around 20% of
our dataset; they were all from either /ei/ or /au/
tokens (except for one token from /ai/). Unlike the
pivot or arching patterns, the shifting pattern shows
more vertical tongue movement. Shifting patterns
were found in all speakers, but there were individual
differences. For example, the Mandarin female
speaker used mostly shifting patterns for /au/ but
arching patterns for /ei/, whereas for the Mandarin
male speaker, the shifting patterns were primarily
used for both /au/ and /ei/. Similarly, the Japanese
female speaker used the shifting patterns for some of
/a-ɯ/ and /e-i/ tokens, while the Japanese male
speaker mostly used pivoting pattern for /a-ɯ/.
Korean speakers showed a shifting pattern in the /e.i/
sequence.
However, one limitation of using ultrasound to
image tongue gestures is that the tongue tip and
tongue root are not visible in ultrasound image. It is
possible that there is a pivoting or arching point at the
tongue tip or tongue root. The frequency and, indeed,
existence of this shift pattern needs further
investigation.
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For three languages (Mandarin, Japanese and Korean),
diphthongs and vowel sequences were found to have
many examples of pivot and arch patterns [5]. A
method of calculating pivot strength in the absence of
quantification of the hard structures of the vocal tract
was found to be useful. Our data indicate that
diphthongs may make common use of a third
category of tongue kinematics, the “shift” pattern. It
remains to be seen whether this pattern is due
primarily to tongue movement per se or rather to
changes in jaw height.
The relatively complex kinematics of tongue
movement appear to be the result of a limit on the
number of dynamic patterns actively used in speech,
as proposed by Iskarous [5]. The current results
suggest that there may be a third pattern—shift, as
well as pivot and arch—that is commonly used.
Quantifying the strength of the pivots from easily
obtained ultrasound images holds the promise of
more direct exploration of individual differences
(typical and atypical) and language-specific
differences in articulatory dynamics.
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attitudes and F0-variation on the basis of L1 listeners’
judgements.

ABSTRACT
This paper presents a study of L1 speakers’
evaluations of speech by L2 speakers of Swedish. The
evaluations concern degree of foreign accent and
comprehensibility, as well as interpretations of
emotions and attitudes of the L2 speakers.
Furthermore, the evaluations are correlated with
measurements of F0-variation and F0-level.
Apart from L1 speakers being able to recognize a
non-native accent in L2 speech, they often notice
other factors such as comprehensibility and
expression of emotions and attitudes when judging
non-native speakers. The present study concerns
whether there is a correlation between these factors
and with the acoustic variables F0 level and F0 range.
The results show that speakers who are evaluated
as having a high degree of foreign accent and a low
degree of comprehensibility are not necessarily
negatively judged in terms of expression of attitudes
or emotions. Furthermore, speech which is judged as
expressing positive emotions and attitudes tend to
have more varying F0 compared with speech which
is judged to express negative emotions. The results
are of interest for second language teaching with a
special focus on pronunciation and prosody.
Keywords: Prosody, comprehensibility, foreign
accent, attitudes.
1. INTRODUCTION
The purpose of this paper is to study how native (L1)
speakers of Swedish evaluate non-emotional speech
of second language (L2) Swedish speakers on scales
of emotions, attitudes, comprehensibility and foreign
accent, and to relate these evaluations to acoustic
measures
of
F0-variation
and
F0-level.
Comprehensibility is described as The ease or
difficulty a listener experiences in understanding an
utterance [8]. The results can give new insights into
possible relations between accent, comprehensibility,
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The research questions are the following:
•
•
•
•

How do L1 Swedish listeners evaluate L2
speakers of Swedish on degree of foreign accent
and degree of comprehensibility?
How do L1 Swedish listeners evaluate L2
speakers of Swedish on emotional and attitudinal
scales?
How are evaluations of emotions and attitudes
related to evaluated degree of foreign accent and
comprehensibility?
How are the evaluations of emotions and
attitudes related to F0-variation and F0-level?
2. BACKGROUND

2.1. Cross-language evaluation

Perception and evaluation of foreign accented speech
does not only concern L2 speakers’ correct or
incorrect productions of segments and of lexical or
grammatical prosody of the language to be learned.
An important question also is what effects transfer
from the speakers’ L1-prosody has on the listeners. If
a learner uses L1-prosody when speaking in an L2,
the prosody can be misinterpreted by the native
listener [3, 6, 9, 10]. The misinterpretations can be
about emotions or attitudes, and misinterpretations
can have serious effects on communication in
different professional contexts such as job interviews,
business negotiations, court hearings or politics, or in
communication in general. There can be individual
differences, but different languages can also vary
when it comes to the average F0 level and range [10,
11, 12]. Previous studies have shown that a speaker
with a wider F0 range can be interpreted as conveying
a very positive attitude by a speaker with a narrower
F0 range, and vice versa [9].
In contrast to a paper by Abelin & Allwood [1],
that studied how L1 speakers of different languages

interpreted Swedish emotional speech, the present
paper studies how L1 speakers of Swedish interpret
non-emotional speech of L2 speakers of Swedish. In
other words, can there be something intrinsic in L2
accented prosody which gives rise to emotional
interpretations among L1 speakers?
There is generally no clear correlation between
foreign accent and comprehensibility [8] even though
listeners are quite sensitive to accent and are able to
identify a foreign accent very quickly [9], for example
listening to one short word [14]. Accented speech can
be fully comprehensible in conversation with both
native and non-native speakers, and listeners’
evaluations of accented speech is often influenced by
different factors such as familiarity with the accent
and the content as well as language proficiency and
linguistic awareness [16]. Judgement can also change
over time depending on factors such as increased
interaction with L2 speakers and familiarity with
different accents.

3. METHOD
3.1. Material and participants

Five short recordings (1-2 sentences) of read nonemotional speech from the Bannert database [4] were
chosen for listening tests. The speakers had Finnish
(subject A), French (subject B), Arabic (two subjects,
C and D) and Spanish (subject E) as their L1.
Speakers C and D were pre-classified as monotonous
and speaker E was pre-classified as having nongrammatical final rise in questions, by Bannert [4]
The listener group consisted of 16 untrained native
Swedish speakers of varying ages, genders and
educational backgrounds. They listened to the
sentences in front of a computer, they did not get any
information about the speakers’ L1 and listeners did
not report familiarity with any of the accents after the
experiment. They were not asked about their attitude
towards non-native speakers in general.
3.2. Procedures

2.2. Brief description and comparison of prosody in
the participants’ languages

Even though we do not intend to compare the effect
of different L1s of the L2 speakers under study, it is
relevant to present some prosodic facts of Swedish
and the participants’ L1s. First, in Swedish, the target
language, quantity distinction in stressed syllables,
tonal word accents and word stress are of importance.
Tonal patterns including segmental duration and F0
variation make sense for perception of prosodic
phrases in Swedish [7]. Questions do not typically
have a final F0-rise.
Finnish is a language with word stress fixed on
the first syllable and quantity distinctions occurring in
both vowels and consonants, while quantity is not
correlated to the stressed syllable and stress is not
realized tonally. Non-emotional speech often has a
descending pitch contour with a very low pitch at the
end of the utterance [15].
In French, phrase accent, as well as word stress,
is realized on the last syllable and there is no
distinctive quantity distinction [7].
In Arabic, word stress is on the final or penultima
syllable depending on the word structure. Studies of
Arabic dialects indicate some differences in prosodic
structure, e.g. pitch range, pitch dynamics, register
and rhythmic structure [5].
Word stress is a distinctive feature in Spanish.
There is a duration difference between stressed and
unstressed syllables. Yes-no questions typically have
a final F0-rise [2].
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The listeners filled in a form evaluating
comprehensibility, degree of foreign accent, and the
expression of different emotions and attitudes, all on
a Likert scale 1–4, where 1 stood for low degree and
4 stood for high degree of each variable. Each of the
five speakers was evaluated on a different page. There
was no training phase, but the listeners received the
same instructions before the test. The evaluative
dimensions were the following eleven: friendly,
polite, helpful, happy, trustworthy, surprised,
energetic, aggressive, uninterested, sad and
contemptuous. Each listener listened to all five
speakers and they could listen as many times as they
wanted. We classified friendly, polite, helpful, happy,
trustworthy, surprised and energetic as positive
dimensions, and aggressive, uninterested, sad and
contemptuous as negative dimensions. Not all
dimensions were analysed in this paper.
Each utterance was also measured for F0variation, i.e. the difference between maximum and
minimum F0, as well as mean F0 level for each
speaker’s utterance, using Praat [13].
In total the study resulted in 1050 data points of
which 810 were analysed.
3.3. Analyses

The results from evaluations of comprehensibility
and degree of foreign accent were correlated with the
results of evaluations of emotions and attitudes. The
results of evaluations of emotions and attitudes were
correlated with the acoustic measurements of F0variation and F0-level.

4. RESULTS

4

The differences between speakers presented below
represent tendencies, since there were no statistically
significant differences found, due to a small number
of speakers. The correlations between some of the
variables were however significant, as analysed with
regression analysis. The results of the listeners’
evaluations of degree of foreign accent and
comprehensibility are shown in Figure 1. It shows
that speakers A and E who were judged lowest on
degree of comprehensibility were judged high on
degree of foreign accent. In conclusion, when degree
of foreign accent overrides a certain value,
comprehensibility tends to decrease. The speakers C,
D and B were each judged higher on
comprehensibility than on degree of foreign accent.

3,5
3
2,5
2
1,5
1
0,5
0
E

B

D

A

C

friendly

polite

happy

surprised

energetic

helpful

Figure 2: Evaluations of positive emotions and
attitudes on a scale 1-4. 16 listeners.

Figure 3 below shows evaluations on two negative
dimensions: uninterested and sad.

3,5
3
2,5
2
1,5
1
0,5
0

3
2,5
2
E

B

D

A

1,5

C

1

degree of foreign accent

0,5
0

degree of comprehensibility

E

B

D

uninterested

Figure 1: Evaluations of degree of foreign accent
and comprehensibility on a scale 1-4. 16 listeners.

When analysing attitudes to speakers, B and E were
evaluated highest on positive adjectives and lowest on
negative adjectives. Speakers A and C were evaluated
highest on negative adjectives but lowest on positive
adjectives, see Figure 2 for positive dimensions and
Figure 3 for negative dimensions. Speaker D is
evaluated in between on both negative and positive
adjectives. It can be seen in Figure 2 that speaker E
(who is the speaker with ungrammatical final rise in
questions) has received most positive evaluations.
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A

C
sad

Figure 3: Evaluations of negative emotions and
attitudes on a scale 1-4. 16 listeners.

Comparisons between evaluations of foreign accent,
comprehensibility and emotions and attitudes showed
no positive or negative correlation. However, speaker
E, who had the highest rating on foreign accent and
lowest rating on comprehensibility, was rated highest
on positive emotions and lowest on negative
emotions. So, a speaker with a strong accent and low
comprehensibility can be given very positive
emotional judgments.
Acoustic measures of F0 variation and mean F0
level, see Figure 4, show that B and E have the largest
F0 variation (measured as difference between
maximum and minimum F0), A and C have the
smallest F0 variation. D scores are in between again.
For mean F0 level, speaker D has the highest F0
mean.

a varied intonation are judged more positively by the
listeners.

2

5. CONCLUSIONS

1,5
1
0,5
0
E

B

D

A

mean F0

C

difference max-min F0

Figure 4: Measures of mean F0 level and difference
between maximum and minimum F0. 16 listeners.

There is a significant negative correlation between
degree of perceived uninterest and difference
between maximum and minimum F0, that is F0 range
(r2 0.8569, p=0.0240), cf. Figures 3 and 4.
Furthermore, there is a significant positive correlation
between degree of perceived energy and F0 range (r2
0.9133, p=0.0111), cf. Figures 2 and 4.
The next figure, Figure 5, show the means for
evaluations on positive and negative parameters, in
relation to difference between maximum and
minimum F0, for the five different speakers E, B, D,
A and C.
3
2,5
2
1,5
1
0,5
0
E

B

positive parametres

D

A

C

negative parametres

difference max-min F0

Figure 5: Means of evaluations of the five different
speakers on three parameters. 16 listeners.

In Figure 5 we can see that there is a weak negative
correlation between F0 range and negative
judgements (r2 0.6976, p=0.0783, not significant),
and that there is a significant positive correlation
between maximum and minimum F0 and a larger
number of positive judgements (r2 0.8518, p=0.0254).
In other words, there is a tendency that speakers with
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Speakers were evaluated more positively when they
had a varying F0 (speakers E and B). They were
evaluated more negatively when they had a more
monotonous F0 (speakers A and C). If the
monotonous speaker had a higher F0, he was
evaluated higher (speaker D). Thus, high F0 variation
and high F0 level can give positive responses from
listeners.
Concerning degree of foreign accent and degree
of comprehensibility these measures did not correlate
with positive and negative judgements. Speaker E
was judged to have quite a low degree of
comprehensibility and the highest degree of foreign
accent but was nevertheless evaluated the most
positively and the least negatively (together with
speaker B). E was the speaker who had been
beforehand classified as having ungrammatical final
rise in questions. Low degree of comprehensibility
and high degree of foreign accent thus does not hinder
positive evaluations of attitudes. The positive
evaluations could emanate from varying F0.
The result for speaker E, with Spanish as L1,
coincides well with the results of Aronsson [2, 3] who
found that Spanish question intonation was
interpreted as friendliness by Swedish L2 speakers of
Spanish.
Another issue is whether the listeners could
identify the L1 of the speakers and because of this
have more or less positive attitude to them. However,
earlier work on Swedish [6] shows that L1s of
speakers with a foreign accent are generally difficult
for untrained listeners to identify.
The present study is of limited scope, only having
five speakers and 16 listeners. However, the speakers
are evaluated on a total of 13 parameters (on a scale
1–4) resulting in a high number of data points which
were analysed. As we did not study attitudes to
languages but attitudes to different speakers, we did
not consider it necessary to have many speakers of
each language. We believe that the results are
interesting for developing further studies on the
interpretation of prosody in the speech of second
language learners of Swedish. Further research could
also study the combined effects of other prosodic and
segmental features, as well as controlling for
sociolinguistic variables.
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ABSTRACT

1.1.1. Emotional Prosody Processing

This study investigates how perception of race and
perception of emotion influence one another.
Participants listened to isolated words from an
African American English (AAE) speaker and a
Mainstream American English (MAE) speaker in
happy, neutral, and angry prosodies, and indicated
perceived race and emotion of the speaker. Though an
effect of race on prosody was not found, results did
show that MAE was rated whitest in the happy
condition, whereas AAE was rated blackest in neutral
and angry conditions. This could be because culturespecific processes affect how emotions are processed
in speech (Pell & Skorup 2008). Varied perceptions
of emotional prosody could lead not only to
misunderstandings but also perpetuate dialect
discrimination, making emotional prosody a crucial
point of further inquiry for sociophoneticians.
Keywords: prosody, emotional prosody processing,
AAE, perception
1. INTRODUCTION
This paper investigates whether perception of race
influences perception of emotion and vice versa when
hearing isolated words. This research is informed by
the emotional prosody processing literature [1, 3, 7,
9, 12, 13, 14], the sociophonetic literature on
perception [2, 10, 15] and research on the Angry
Black Woman trope [4, 5, 6].
1.1. Emotional Prosody

Prosody, is a suprasegmental feature that can convey
prominence and emphasis in speech [3]. Emotional
prosody has been defined as emotion-specific
prosodic patterns that elicit listener perceptions of
various emotional states. The field of emotional
prosody is relatively small and heterogeneous,
focusing mostly on Indo-European languages.
Happiness and sadness are the typical, binary
emotions of focus. Explorations of emotional prosody
have used both behavioural [7, 12, 13], and
neuroscience (e.g., fMRI, EEG) methodologies [3, 9].
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The emotional prosody processing literature is even
more narrow; it consists mostly of studies sampling
from
English-speaking
populations
(i.e.
Standard/Mainstream American English), reifying
standard language ideologies that dismiss dialects and
non-standard varieties. In a meta-assessment of the
emotional prosody field, Bak found that very few
studies have explored emotional prosody processing
outside speakers’ L1 or native dialect [1]. Even so,
the literature does point toward gender differences in
emotional prosody processing, and gender
stereotyping is often involved in emotion recognition
from prosody [3]. It seems likely, then, that there
could be differences in emotional prosody processing
linked to other social identifiers.
The most closely related prior research was done by
Pell & Skorup [14]. They investigated the implicit
processing of emotional prosody in a foreign accent
and found that when listening to pseudo-Arabic
words that contained happy, sad, and neutral
prosody, Mainstream American English (MAE)
listeners were able to detect the emotion being
indicated by the prosody [14]. However, it’s possible
that listeners need more exposure to emotional
prosody in Arabic to make emotional prosody
judgements on Arabic-accented speech. While Pell
& Skorup argued that culture-specific processes
affect how emotions are processed in speech, they
did not consider how prejudice and stereotyping
might also play a significant role in emotion
processing. These culture-specific processes are
defined there as, “display rules” [9]. These display
rules are culture-specific social norms that regulate
how emotions are expressed in socially appropriate
ways. For example, in a comparison of Western
cultures versus East-Asian cultures, Western
cultures tend to be more individualistic while EastAsian cultures tend to be more collective [9]. In
behavior, these cultural norms can be borne out in
adopting actions such as indirectness and avoiding
eye contact in East-Asian cultures, whereas Western
cultures encourage overt expressions of emotion and
interaction, such as eye contact. It has thus been
surmised that display rules play a central role in
emotion perception [9].

Kim & Sumner [7] posited that emotional prosody
maps directly to social concepts and representations,
thereby influencing the spoken word recognition
process. Their work investigated whether emotional
information, when carried by a semantically
emotionless word, could influence the mental lexicon
during online processing. Before running an affective
priming paradigm, Kim and Sumner had naïve
listeners rate their auditory stimuli to ensure that the
stimuli were categorized by the particular prosody
type they were seeking. They worked with angry,
happy, and neutral prosody types. They only used a
Standard American English woman’s speech for the
stimuli. In their study, they show that angry prosody,
when preceded by a non-emotional word uttered in
angry prosody, results in affective priming. Affective
priming did not show the same effect for happy and
neutral prosody, which both had the same effect of
association strength. One reason postulated by the
authors was that neutral sounding-speech possibly
sounded ‘happy enough’, especially coming from a
woman’s voice which is already stereotyped as
agreeable and friendly [7].
1.2. Stereotypes Influencing Perceptions of Identity

Women’s language is described as being more
agreeable-sounding [8]. The question remains: If all
women’s voices are stereotyped as happier and more
agreeable, how much nuance exists in listeners’
perceptions of emotion? Additionally, how might
raciolinguistic stereotypes play a role in discerning
emotional prosody?
Examining the influence of stereotypes on perception
is not new to the field of psycholinguistics. Previous
research has shown that identical speech samples are
perceived differently based on different social guises,
such as varied faces or varied demographic
information as evidenced by Rubin [15] and
Niedzielski [10]. Rubin [15] shows that visual
priming of ethnicity (using ethnically Asian and
European faces) can affect listeners’ evaluations of
identical speech samples, where an Asian face prime
results in higher ratings of accentedness and lower
listener comprehension. Additionally, Niedzielski
[10] shows that priming with varied social
information (in this case, which city a speaker is
from) can affect listener’s evaluations of identical
speech samples, where, among Detroit participants,
the speaker said to be from Canada was perceived as
using diphthongs in speech, while the speaker said to
be from Detroit was not perceived to be using
diphthongs. These are just two studies within a large
body of literature that reminds us that social
information and stereotyping have a significant
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influence on speech perception and must be
considered when doing perception experiments.
1.3. The Angry Black Woman Trope

As listener ideologies about certain speaker groups
inevitably inform their sociophonetic perceptions, it
is important to keep in mind social variables when
looking at speech perception, as ideologies about
certain speaking groups can inform those perceptions.
Many African American English suprasegmental
features are stigmatized, such as the falsetto register
being an indicator of indignation in AAE by Nielsen
[11].
The Angry Black Woman (ABW) trope is deeply
entrenched in American society and is still pervasive
today, [2][4][5]. With its origins in slave times, the
ABW trope caricatured enslaved woman who were
forced to suppress emotion. When these women did
express anger, they were labelled as aggressive and
overbearing, [4]. Marcyliena Morgan has claimed
that the reason why the ABW trope is so sparsely
studied is because researchers have accepted the
stereotype to be true. Black women’s anger is not
seen as legitimate and is often misconstrued as an
issue of control according to Perry [5]. Even today,
black women often end up in situations in which they
are discriminated against, due to this pervasive
concept of black women as degenerate according to
Jones & Norwood [6].
Perceptions of black women’s speech can not only
create disadvantages for black women in the U.S., but
even more dire, can have life-threatening
consequences. In “The Killing of an ‘Angry Black
Woman’: Sandra Bland and the Politics of
Respectability,” by Gillon [4], a description of the
murder of Sandra Bland is put forth with a critical eye
toward the legality of the arrest. At the time of her
arrest, Bland was pulled over but did not get out of
her car or put out her cigarette when the officer asked
her to, saying things like, “I’m in my car, why do I
have to put out my cigarette,” and, “You seem very
irritated” to the officer. Her reluctance to put the
cigarette was an action read as violent to the officer,
and, “This idea of Bland being a threatening
individual already existed because of the
significations that said black women are inherently
belligerent It is an expectation that black women will
be harder to control” [4]. Thus, we see here the
murder of a perceived ABW, resulting from the
linguistic discourse between her and the officer. This
provides anecdotal evidence that the effect of
emotional prosody can be life threatening.

2. METHODS, DATA, AND PREDICTIONS
In order to investigate the role of stereotypes in
emotional prosody processing, this study looks at
how emotional words were rated for emotion and race
depending on language variety. The stimuli were
isolated words, based on the claim that a lexical item
as short as “Hello” can indicate to listeners whether
or not the utterance was in MAE or African American
English (AAE) according to Baugh [2]. In addition,
isolated words in L1 and a foreign language have
been successfully used to evoke perceptions of
emotional valence [7, 14].
2.1. Methods and Data

The auditory stimuli come from two women native to
San Diego, California; one black AAE speaker and
one white MAE speaker, both in their mid-twenties.
Each speaker recorded the 24 words in Table 1 in the
three emotional prosodies, used by Kim & Sumner
[7]. This resulted in a 3 x 2 (i.e., emotional prosodies
by speakers) design, with six conditions
(HappyWhite,
AngryWhite,
NeutralWhite,
HappyBlack, AngryBlack, and NeutralBlack),
resulting in 144 stimuli. Both the choice of emotional
prosodies and the lexical stimuli were taken from
Kim and Sumner [7].

what they thought the study was about (only
responses to the latter question will be referenced to
in this paper). Subject means were submitted to an
Analysis of Variance (ANOVA) because we were
looking for significant differences across three
independent groups.
2.2. Predictions

If stereotypes do, in fact, influence how emotional
prosody is perceived, race judgements should interact
with emotion judgements. Specifically, (1) Happy
guises will be perceived as more white, (2) Angry
guises will be perceived as more black, and (3) the
NeutralBlack guise will be perceived as more angry
that the NeutralWhite.
3. RESULTS
A repeated measures ANOVA on race judgements
found an interaction between RACE and EMOTION,
F(2, 198) = 43.43, p <0.01, despite a higher “White”
base-rate of correct responses. This interaction is
consistent with the first two predictions regarding
happy and angry prosody: As seen in Figure 1, the
White voice was rated whitest in the happy prosody
condition, while the Black voice was rated blackest in
the neutral and angry prosody conditions.
Figure 1: Race Judgements

Table 1: List of semantically non-emotional
words pretested by Kim & Sumner [7].
academy

adequate

after

bounce

collide

compact

compose

conference

copy

galaxy

garbage

listen

ministry

multiply

pending

pineapple

planet

question

recall

salary

scale

specialist

stem

transmission

One hundred U.S. based participants were recruited
using Amazon Mechanical Turk to complete an
Auditory Rating task, using the 144 stimuli. 87% of
these participants identified the racial demographics
of their K-12 schools as “Mostly White.” Participants
were randomly assigned to one of six groups. Each
group listened to the 24 words – four in each of the
six conditions – pseudo-randomized using a Latin
square design. Participants listened to each audio file
individually and were asked to identify the speaker’s
race and mood for each word, before hearing another
word. They were given a binary choice for the race
(“Black” or “White”) and three options for emotion
(“Happy,” “Angry,” and “Neutral”). Participants
were also given a language history survey and asked
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In Figure 1, we can see a clear opposing pattern in
terms of which voices are being perceived as which
races, across three emotions. It is also clear that there
is low race-rating accuracy in all emotional prosody
conditions, especially for the Black voice.
Tables 2 and 3 present the proportions of Happy and
Angry judgements, respectively, for all six
conditions. There is no support for the third
prediction, that the NeutralBlack guise would be read
as angrier than the NeutralWhite guise. Across all
trials, the Neutral guise was very rarely rated as
Angry.

Table 2: Percent Happy Responses

speakers even if they both are speaking in an
objectively neutral tone.” These responses suggest
that lay people have a sense that race differences can
influence emotion perception and vice versa.

Happy Neutral Angry
White 93.5
6
21
Black 68
7
7
Table 3: Percent Angry Responses

Happy Neutral Angry
White 2
14
42
Black 7
16
23
The observed patterns were replicated in an in-person
study using the same stimuli, but with undergraduates
as the population, rather than the Amazon Mechanical
Turk population with ages ranging from 18-65. In
both versions of the experiment, participants were not
very accurate at identifying the race of the speaker,
with an overall bias to identify the speaker as white.
4. DISCUSSION
The results from this study provide evidence that
emotional prosody influenced race judgements, with
the Happy guise overwhelmingly perceived as white,
However, there was a clear low base rate for
identifying the accuracy for identifying the Black
voice as black, leading to a surprisingly low accuracy
in the race identification component. In turn, this
makes it difficult to conclude anything from the
absence of a race effect on emotion identification
The tendency to identify both voices as white raises
the possibility of an expertise effect – perhaps
listeners are more accustomed (e.g., from media
influence) to hearing a wider range of emotions from
white female voices than from black female voices.
This may have implications for mental
representations of emotional black voices.
Additionally, it is possible that culture-specific
processes could affect how emotions are processed in
speech, as Pell and Skorup mention [14].
It is possible that participants were reticent to make
binary racial choices, as some of their responses on
the post-survey questionnaire provide support for
predictions that were not borne out in the data. When
asked about the purpose of the study, one respondent
said, “When the voice was higher and positive with
good enunciation, I tended to lean towards white and
when it was low, a bit aggressive and/or laxed in
enunciation, I leaned towards black.” Another
respondent said that they perceived the study to be
about, “Determining if people think black speakers
are more likely to be angry compared to white
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The in-person replication allowed us to evaluate the
possibility that Amazon Mechanical Turk workers
were providing low-quality judgements. Turkers tend
to complete surveys as quickly as possible, and it is
possible that race and emotion judgements were not
made carefully. However, the fact that the low base
rate and white response bias were replicated in our
laboratory suggests that accurate race identification
requires more than a single word.
5. CONCLUSION
The goal of this study was to examine the relationship
between the perception of emotional prosody
perception and race. This experiment suggests that
cultural stereotypes in U.S., such as the ABW trope,
have influences on the intersection of race perception
and emotional prosody perception. Our results are
consistent with Bak’s theory that identity plays a role
in emotion recognition from prosody, not only
through gender stereotyping, but evidently also
through racial and raciolinguistic stereotyping [1].
Our low base rates of race accuracy for the Black
voice are someone analogous to Pell & Skorup’s
postulation that listeners need more exposure to
prosodic information in non-mainstream languages or
varieties in order to make an emotional prosody
judgement [14].
The current results have implications for related
explorations in psycholinguistics, sociophonetics,
and online processing in general. Speech perception
researchers should keep in mind that listeners have
knowledge of multiple languages and grammars apart
from their L1, such as MAE speakers having
knowledge of AAE. Furthermore, listeners can
employ their knowledge of those grammars, as well
as their stereotypes about a that speaker, to form
expectations about the speaker. As discussed
previously, this can have effects that not only lead to
disfluency and miscommunication, but also have the
potential to put the lives of black women and black
people at risk. This work has implications for dialect
discrimination research, which, if taken seriously in
the public sector, has the potential to change the way
people are treated in their day-to-day lives based on
how they speak.
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ABSTRACT
In this study, differences in the acoustic-prosodic
features are analyzed in low-moral or offensive
speech. Utterances with the same contents were
spoken by multiple speakers with different speaking
styles, including reading out, aggressive speech,
extremely aggressive (frenzy), and joking styles.
Acoustic-prosodic analyses indicated that different
speakers use different speaking styles for expressing
offensive speech. Clear changes in voice quality,
such as tense and harsh voices, were observed for
high levels of expressivity of aggressiveness and
threatening.
Keywords: offensive speech, prosody, voice quality,
acoustic features, speaking style.
1. INTRODUCTION
People sometimes behave aggressively and in an
offensive way in various daily contexts. For example,
in stores, there are sometimes complainers who
make unreasonable complaints toward store workers.
Because it is quite stressful to deal with
unreasonable complainers, people may wish a robot
to manage such troublesome complaints [1]. In
schools, bullying is a serious problem, defined as
deliberate, repeated or long-term exposure to
negative acts performed by a person or group of
persons regarded of higher status or greater strength
than the victim [2]. It is also known that people
sometimes bully toward other entities like animals
[3]. There is a discussion that such cruelty would
turn into interpersonal violence [4]. Offensive
behaviour is even exhibited toward inanimate
entities, like a robot [5],[6]. Commonly to these
problems, there would be a benefit if there is a
technique to identify offensive utterances, e.g. the
supervisor would be alarmed if an offensive
utterance occurs, then he/she can better intervene the
trouble from such unreasonable complainers and
bully children.
Direct aggressive speaking sounds hard, hostile,
and often comes across as controlling or dominating
(from The Pup Safe Project [7]). A directly
aggressive person will do one or more of these
things:
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• They raise their voices, get louder as they try to
scare you. The aggressive speaker often has
threatening body language as well, such as finger
pointing and clenched fists, to looming over you.
• They order to do what they say, demand listening
to them, follow their instructions, and insult
when you don’t comply as they want.
• They argue like it’s a battle to be won. Their way
to “win” is to talk over you, attack verbally, and
not listening.
In the speech research field, there are numerous
studies on acoustic-prosodic features of emotional
speech [8-10], but few or no studies clearly focused
on aggressive or offensive speech. Part of offensive
speech is thought to share features of emotional
angry voice. However, offensive speech may
express attitudinal behaviours without a specific
emotion expression. Further, the same offensive
utterance (the same linguistic contents) can be
aggressive or playful/joking depending on the
accompanying speaking styles.
In this study, we take into account previous
studies on acoustic-prosodic and voice quality
features [11-15], and aim on clarifying the features
involved in the different realizations of offensive
speech.
2. ANALYSIS DATA
Considering that the same speech contents may
convey different impressions depending on the
speaking style, we prepared a script of words and
sentences that possibly express low-moral offensive
speech, and asked multiple male and female
speakers to utter those words and sentences in
different manners.
2.1. Script of low-moral words and sentences

A set of words and sentences was firstly prepared,
based on low-moral situations observed in realworld interactions between humans and robots [6],
and troublesome situations happened in human
daily-life retrieved from the web. The low-moral
word and sentences could roughly fall in the
following set of categories. The English translations
in brackets are the equivalent expressions, but may
differ in nuance.

• “Reading out” (“yomiage”): read out without
emotions/temper.
• “Aggressive” (“bougen”): offensive, threatening,
aggressive expression.
• “Frenzy” (“kyouran”): extreme expression of
aggressiveness; furious, mad, hysteric expression,
losing one’s temper.
• “Joking” (“joudan”): non-aggressive, non-serious
joking/kidding/playful expression.
We collected data from 10 male and 10 female
speakers aged 20s to 60s. Some of the speakers selfreported that they seldom utter aggressive speech in
daily-life, and could not express well the aggressive
and frenzy styles. On the other hand, others could
not express well the joking style. Then, in order to
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2
1
0
-1
-2
-3

scary

Perceived degree of
aggressiveness
3

Perceived degree of
threatening
3

2
1
0
-1
-2
-3

gentle

We recruited multiple male and female speakers to
utter the low-moral words and sentences described
in the previous sub-section, in different manners.
Headset microphones (DPA 4060) were used to
collect audio data.
Four speaking styles shown below were
requested to express (the original words in Japanese
are in brackets):

serious

2.2. Data collection

check how appropriate each speaker could express
the targeted styles, we asked two annotators
(research assistants) to listen to the speech utterances
and grade their perceptual impressions on the
expressivity of the different styles. A perceived
degree of aggressiveness was graded from -3 (very
jokey) to 3 (very aggressive, seriously aggressive),
and a perceived degree of threatening was graded
from -3 (very gentle) to 3 (very scary).
Based on the perceptual scores of the annotators,
four male and four female speakers were selected for
the subsequent analyses, who could better express
the different situations, in comparison to the other
speakers. Fig. 1 shows the average scores of the
perceived degree of aggressiveness and threatening
for different styles, for the eight selected speakers.
The IDs and ages of the selected speakers are F05
(31), F06 (35), F07 (20), F09 (49) for the female
speakers, and M02 (66), M03 (61), M06 (49), M09
(20) for the male speakers. The speakers removed
from the analysis received scores closer to zero. The
correlation coefficients between the two annotators
for the perceptual scores of the selected speakers
were 0.95 for aggressiveness and 0.92 for the
threating degrees.
It can be observed in Fig. 1 that the collected
joking speech utterances were graded between
slightly jokey (-1) to jokey (-2), and slightly gentle
(-1), on average. The aggressive speech utterances
were graded around slightly aggressive (1) to
aggressive (2) and around slightly scary (1) to scary
(2). The frenzy speech utterances were graded as
very aggressive (3) and very scary (3). Among the
selected speakers, F05 and M09 were graded to be
less aggressive and less scary than the others.

jokey

• Insulting/defame utterances: “aho” / “baka” /
“doaho” / “bakayarou” / “boke” (fool, idiot,
stupid), “gomi” / “kuzu” (garbage, rubbish,
thrash), “yakutatazu” (useless), “ikujinashi”
(coward), “kuso” (shit), “kono aho/baka” (you
fool/idiot!), “omaewa aho/baka ka?” (you’re so
fool/idiot!)
• Appearance-related insulting utterances: “hage”
(bald), “busu” / “busaiku” (ugly), “chibi” (small),
“debu” (fat, chubby), “jijii” (old geezer), “babaa”
(old hag), “gaki” (brat).
• Fooling/provocative utterances: “zamaamiro”
(Serves you right! You deserved it!), “babaa nani
yuuteruno!” (Old hag! What the hell are you
saying!),
• Offensive utterances: “konoyarou”/ “temee” /
“kisama” / “nanisamada” (You bastard), “shine” /
“kiero” (Go to hell!), “nametennoka” (Are you
taking the piss?)
• Aggressive
utterances:
“korosuzo”/
“bukkorosuzo” (“I kill you!”), “tatakuyo”/
“naguruzo” (I punch you!), “keruzo” (I kick
you!), “keisatsu yobuzo” (I call the Police)
• Crude comments: “uttooshii” / “urusai”
(annoying, irritating)
• Order/scolding utterances: “hayaku shiro” (Do it
quickly!), “sassato ike” (Get out of here!),
“ayamare” (Apologize to me!), “damare” (Shut
up!),

F05
F06
F07
F09
M02
M03
M06
M09

Figure 1: Perceived degree of aggressiveness
(serious to jokey) and threatening (scary to gentle),
for different styles.

3. PROSODIC AND VOICE QUALITY
ANALYSIS
3.1. Acoustic analysis

Acoustic analyses were conducted on prosodic and
voice quality related features. First, frame-level
acoustic features were extracted each 10ms frames.

For the pitch-related parameters, F0 values are
estimated by a conventional autocorrelation-based
method. All F0 values are then converted to a
musical (log) scale before subsequent processing
[11]. All utterances were manually segmented, and
utterance-level acoustic parameters were extracted
for each utterance. Fig. 2 shows the distributions
(average and standard deviations) of the six
utterance-level acoustic parameters described below,
for four speakers.
• “f0max” is the maximum f0 in the utterance, in
semitone units. In Fig. 2, the F0 values are
normalized (subtracted) by the F0 value of the
reading out style. The mean F0 was also
calculated, but the results are omitted from the
figure since similar trends have been found.
• “power” is the maximum power value in the
utterance, in dB. In Fig. 2, the power values are
normalized (subtracted) by the power value of the
reading out style.
• “h1-a1” is the difference of the power of the first
harmonic and the power around the first formant,
specifically in the range between 200 to 1200 Hz,
and is given in dB. This parameter is related to
vocal tension and pressed voices [12].
• “a1-a3” is the difference of the power around the
first formant (200 to 1200 Hz) and the power
around the third formant (1500 to 4000 Hz), and
is also given in dB. This parameter provides an
estimate of the spectral tilt, and is also related to
the vocal tension [13].
• “aperiodicity” is the total length of vocalic
segments detected as aperiodic (i.e., when autocorrelation peaks are lower than 0.5 in the F0
estimation), in seconds. In order to reflect
aperiodicity caused by harsh voices, the aperiodic
segments are disregarded if vocal fry is detected
[14]. The values in Fig. 2 are scaled by 10 times
to allow better visualization.
• “breathiness” is the total length of vocalic
segments detected as breathy, in seconds.
Breathy segments are detected by the method
proposed in [15].
Pairwise t-tests (Welch t-tests) were conducted
for checking statistical significances between
different conditions within a speaker and within an
acoustic parameter.
From the results in Fig. 2, it can be firstly
observed that power becomes higher in aggressive
and frenzy styles by about 10 to 25dB compared
with the reading out style, for all speakers (Welch ttests, p<0.01).
Regarding F0, a gradual increase can also be
observed for aggressive and frenzy styles. Half of
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the speakers showed F0 higher than an octave (12
semitones) in frenzy style (Welch t-tests, p<0.01).
Regarding the vocal tension-related spectral
features “h1-a1” and “a1-a3”, it can be observed that
both parameters decrease from reading out to frenzy
styles. This indicates that there is not only a louder
or higher voice, but also a tenser voice quality in
aggressive and frenzy styles. In speakers M03 and
M06, there is not a big change in the “h1-a1”
parameter, but the changes in the spectral tilt
parametrized by “a1-a3” are significant (Welch ttests, p<0.01). The spectrum becomes flatter (“a1-a3”
values closer to 0dB) in frenzy styles, which have
tenser voice qualities.
reading
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Figure 2: Distributions of six acoustic-prosodic
features for different styles, for each speaker. The
units of the vertical axis are shown in brackets for
each feature in the horizontal axis Mean and
standard deviations are shown for f0, power and
spectral features, while total durations are shown
for aperiodicity and breathiness parameters.

Finally, regarding the voice quality parameters,
presence of aperiodicity, breathiness and
pressed/tense voices, which are associated with
harsh voices, are observed in four speakers (F07,
F09, M02 and M06).
3.2. Speaker differences

The analysis results above showed common features
in the speaking styles of the different offensive
speech expressions. However, a close look on the
data revealed that some of the speakers expressed
offensive speech in different ways.
For example, in the frenzy style, two different
expressions were observed. One is a shouting style
(M02, M03, M06, F06, F09), having powerful, highpitched, tense, harsh voice; the other is a hysteric
style (M02, F07, F09) having presence of pressed
falsetto, and presence of inhaled falsetto after the
offensive speech utterance (F07).
Another feature of aggressive and frenzy styles is
the trill of “r” consonants. In standard Japanese, “r”
consonants are not trilled. The “r” trilling in
Japanese usually appears in threating expressions
mainly by male speakers. Trilling was observed in
some of the aggressive and frenzy utterances of
speakers M03 and M06.
Different expressions were also observed in the
joking style. The acoustic features of joking
utterances in Fig. 2 showed intermediate values
between reading out and aggressive styles. This
trend was different in the speakers F07 and M02,
which showed a softer and breathier voice quality. In
some of the speakers, lengthening and rising tones in
the last syllable of the utterance were observed (F05,
M02, M03). Some speakers expressed the joking
style by including laughing speech (F06, F09, M06).
For the task of discrimination of offensive speech,
the features above should also be taken into account.
Finally, two of the speakers (M09 and F05)
showed smaller changes among the acoustic features
of different speaking styles in Fig. 2. Speaker M09
was the only one showing smaller degree of power
increase over different styles, while speakers F05
and M09 showed smaller degree of increase in F0 in
frenzy style. Further, M09 did not show significant
differences in the vocal tension-related spectral
parameters. These results are in correspondence to
the lower perceived degree of aggressiveness and
threatening for these two speakers as shown in Fig. 1.

scores and high threatening scores) are thought to
correspond to a “hot anger” emotion expression. On
the other hand, part of the aggressive speech (with
lower aggressiveness scores) was not particularly
felt as angry. For the identification of offensive
attitudes, and for the clarification of the differences
between offensive attitudes and emotional
expressions, the combination of linguistic and
prosodic features should be taken into account.
The results for A1-A3 and breathiness might look
contradictory from the “breathy voice” definition,
which is produced with low vocal tension. However,
the parameter “breathiness” includes both breathy
and whispery voices, so that the lower A1-A3 values
in frenzy style correspond to whispery voices.
5. CONCLUSIONS AND FUTURE
DIRECTIONS
We collected offensive speech data of male and
female speakers in four different manners (reading
out, aggressive, frenzy and joking) and analysed the
differences in speaking style accounting for several
acoustic-prosodic and voice quality features.
Aggressive utterances were generally found to be
expressed louder, with higher pitch, and with a
tenser voice quality. Two distinct styles were found
in the expression of frenzy utterances, a shouting
style with powerful, high-pitched, tense/pressed and
harsh voice, and a hysteric style, with presence of
pressed falsetto voice qualities. The joking
utterances were often expressed by a softer voice
quality and with acoustic features intermediate
between reading out and aggressive utterances.
Among the analysed acoustic-prosodic and voice
quality features, six were found to well represent the
different styles in offensive speech expression:
maximum or mean f0 in the utterance, power of the
utterance, spectral features related to vocal tension
(“h1-a1” and “a1-a3”), and vocal fold vibrationrelated features (“aperiodicity” and “breathiness”).
More detailed analysis at utterance and syllable
levels, including durational differences, and
consideration of linguistic information are topics for
future investigation. Detection of laughing speech
and falsetto inhalation are also remaining topics for
acoustic analysis. Finally, the combination with
facial expressions and body movements are also
future challenges for detection of audio-visual
offensive attitudes.

4. DISCUSSION
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ABSTRACT

contexts (preceding/following full phrases, following back-channels, silence or partner’s laughter or
speech) and have shown that more than 80% of the
laughter bouts were used after the speaker’s or partner’s full phrase (in equal proportion). These findings were confirmed in [3], which looked at laughter
context using higher organizational levels (topics)
as the analysis unit. It found that laughter occurs
more often at the end of a topic (and, implicitly, of a
phrase), rather than at its beginning.
Although the effect of phrase context on the characteristics of laughter bouts has been investigated in
[16], there are no studies, to our knowledge, that analyzed the effect of laughter on the acoustic properties of its preceding context nor studies which used
analysis units shorter than the phrase. Here, we intend to partially fill this gap by conducting an investigation into the possible effects of laughter on the
vowels immediately preceding it.
In order to decide which acoustic cues to include
in our analysis, we reviewed the spectral changes
associated with laughter. For example, Szameitat
and colleagues [13] found increased F1 values for
laughter vowels, compared to non-laughter vowels,
which was explained by pharyngeal changes associated with “pressed” voice. Based on this result,
along with other findings showing significant effects
of “pressed” voice on other formant values [7], we
included the values of the first four formants in our
study. Furthermore, laughter is often associated with
arousal, and the later was shown to have an effect on
the spectral center of gravity [11]. We, thus, considered also a set of cues characterizing the general shape of the vowel spectrum, including: spectral
center of gravity, spectral standard deviation, spectral skewness and spectral kurtosis. We will compare the vowels of words preceding laughter with the
vowels of identical words (having the same phonetic
pronunciation), not preceding laughter.
The paper is organized as follows: In Section 2 we
introduce the dataset and the methods used in this
study. Then, we illustrate the results obtained for
the analyzed cues in Section 3. We conclude with a
discussion of our findings, in relation to the current
state of the field.

Laughter is a paralinguistic phenomenon widely
used in human communication. Previous studies on
laughter have mainly looked at its acoustic realization and its functions, leaving the context in which
laughter occurs relatively under-studied. We intend
to partially fill this gap by conducting an investigation into the acoustic cues that mark the use of laughter. We focus on the syllables preceding laughter and
we explore several relevant spectral features. The
results obtained on an American English corpus of
conversational speech show anticipatory effects on
the syllable immediately preceding laughter, including: a higher F1, a higher spectral center of gravity
and a greater spectral standard deviation. We discuss these findings in terms of the individual variation present in laughter.
Keywords: laughter, context, acoustic cues, conversational speech.
1. INTRODUCTION
In recent years, we have seen an increased interest in the study of paralinguistic phenomena present
in conversational speech (see [12] for a review).
Among the paralinguistic aspects of speech, laughter
plays an important role due, not only to its extensive
presence in conversational data [4], but also to the
various functions it plays [5].
Laughter has been studied from different perspectives over the years. For example, its organization, its production in context and its roles have
been extensively investigated in sociolinguistics and
pragmatics [6]. Speech technology instead, has
mainly focused on the description of laughter from
an acoustic point of view, both of the entire event
(bout), as well as of its individual components (call).
For an extended definition see [15].
The physical characterization of laughter has been
extensively documented in the literature (e.g. [8, 10,
1, 13]), but only a very few studies have investigated
the context in which laughter is produced [16, 3].
Vettin and Todt [16] analyzed a number of laughter
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Table 1: Summary of the results obtained, for the
eight cues analyzed in this study: F1, F2, F3, F4,
spectral center of gravity (COG), spectral standard
deviation (DEV), spectral skewness (SKE) and
spectral kurtosis (KUR). For each cue we report its
mean and standard deviation across the 11 speakers included in this study and the laughter/nonlaughter t-test value (∗ p < .05; ∗∗ p < .01; ∗∗∗ p <
.001; d f = 10 for each analysis).

2. MATERIALS AND METHODS
The Buckeye corpus of American English [9] was
used for the experiments conducted in this study.
It consists of conversations between an interviewee
and an interviewer about everyday topics. A total
of 40 interviews (20 females, 20 males) were conducted and each interview lasted between 30 and 60
minutes. The interviews were orthographically transcribed, automatically aligned and manually corrected. The recordings contain spontaneous speech,
exhibiting typical phenomena like hesitations, disfluencies or laughter, which were also annotated.
For the current study we considered all words
which preceded laughter (marked as LAUGH in the
corpus; we did not consider speech-laughs in our
analysis), had no special label associated to it (words
that have been only partially produced, contained
noise, etc) and contained at least a vowel. Also,
in order to be sure that any obtained effect is due
to the laugh following the selected word tokens we
filtered out the words preceded by another laughter
event. For each of the selected word tokens that preceded laughter (further called laughter tokens) we
searched for candidates corresponding to the same,
non-laughter preceding, word. They had to have
an identical phonetic transcription (as one word can
have multiple pronunciations in the Buckeye corpus), be produced by the same speaker, not be preceded or followed by laughter and not be followed
by a word containing special symbols. From the list
of candidates, a randomly sampled word token was
chosen to be the corresponding non-laughter token.
If no corresponding non-laughter token was found
for a given laughter token, the latter was removed
from the analysis. The selected tokens were manually controlled and any error in segmentation or annotation was corrected.
From the total of 40 speakers, we considered for
our study only those which had more than 15 laughter tokens. This resulted in 299 word tokens from 11
speakers (9 females). The vast majority of the tokens
(90%) were monosyllabic words. For each of these
tokens we extracted the following acoustic cues: the
first four formants, the spectral center of gravity, the
standard deviation of the spectrum, its skewness and
its kurtosis. We employed in our study the average
values of these cues, over the vowel of the last syllable of the token words. All the cues were extracted
using Praat [2]. For the formants calculation we employed the burg method, by extracting the first five
formants with a maximum formant value of 5500 Hz
for female speakers and 5000 Hz for male speakers.
The rest of the parameters used for extraction were

Cue
F1
F2
F3
F4
COG
DEV
SKE
KUR

Laughter
mean stdev
596.6 75.5
1737 99.2
2740 156.2
3787 229.6
634.0 127.8
504.1 109.1
3.559 0.897
30.16 16.85

Non-laughter
mean stdev
567.0 91.1
1738 109.2
2749 172.0
3846 263.0
558.5 90.7
441.9 63.5
4.113 0.905
40.23 15.27

t-test
2.86 ∗
-0.004
-0.482
-1.78
2.64 ∗
2.51 ∗
-2.41 ∗
-2.64 ∗

set to their default values.
3. RESULTS
The results of the conducted analysis are presented
in Table 1. For each of the investigated cues we illustrate their average value and standard deviation
across speakers, for both laughter and non-laughter
tokens, as well as the results of the paired, across
speakers, t-test analysis comparing the two conditions.
It can be seen that F1 and the four spectral
measures show a significant difference between the
laughter and non-laughter conditions. F1, spectral center of gravity and spectral standard deviation
are higher, while spectral skewness and kurtosis are
lower. F4 decreases in laughter tokens, compared to
the non-laughter condition, but the difference does
not reach statistical significance.
Listening to a random sample of our data, we
noticed a high degree of individual variation of
laughter. Furthermore, it seems plausible that the
type of vowel may have influenced the acoustic
factors we are interested in. Therefore, we decided to verify the validity of the pairwise t-tests
by running additional Linear Mixed Effects Models on all our dependent variables, with laughter and vowel type as fixed factors, and speaker
as random factor (random slopes). These models confirmed a significant impact of laughter on
the spectral characteristics of the vowel preceding laughter, with the vowel not preceding laughter having: lower F1 (β = −28.4, SE = 7.17,t =
−3.96), higher F4 (β = 49.88, SE = 19.81,t =
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Figure 1: The results obtained for F1 (left panel) and spectral center of gravity - COG (right panel) for tokens
preceding laughter vs. tokens not preceding laughter. The speaker-averaged frequency for the non-laughter condition is displayed on the horizontal axis and the one for the laughter condition on the vertical axis. Each symbol
represents a different speaker and the same symbols were used for the speakers in the two panels. The grey line
represents the line for which the laughter and non-laughter conditions have equal values.

2.52), lower center of gravity (β = −73.68, SE =
17.74,t = −4.15), lower standard deviation (β =
−62.95, SE = 14.42,t = −4.37), higher skewness
(β = 0.574, SE = 0.172,t = 3.33) and a higher kurtosis (β = 9.36, SE = 3.9,t = 2.4).

4. DISCUSSION
We have presented here an investigation into the anticipatory effects of laughter on the preceding vowels. We use a per-speaker matched analysis, in
which the last vowel of a word preceding laughter
is compared to the last vowel of the same word, not
found adjacent to laughter. We have looked at the
values of the first four formants and at four different
spectral measures: center of gravity, standard deviation, skewness and kurtosis.
Consistent with previous studies finding an increased F1 for laughter [13], we observed a similar
increase in F1 for the vowel in the laughter token,
compared to the one in the non-laughter condition.
Furthermore, laughter token vowels seem to exhibit
the characteristics of “pressed” voice, as described
in [7], a higher F1, little change in F2 and F3, and
a lower F4, although the latter was not found to be
significant by the t-test analysis.
In terms of spectral cues, we found an increased
center of gravity in the laughter condition. This effect is usually associated with arousal [11], which
may well be the case for laughter tokens considered
in this study. The remaining spectral features, although not generally associated with laughter, have
revealed significant results. It seems that vowels followed by laughter deviate more from the center of
gravity, but also have a more Gaussian shape around
the center of gravity and a higher similarity between
the two sides of the center of gravity (assumably due
to the interaction between the increase in center of
gravity and F2 and F3 getting closer together). It
would be interesting to examine whether these char-

Detailed results for F1 and spectral center of gravity are illustrated in Figure 1. Each point represents
a different speaker included in our study and the values of the two cues in both laughter/non-laughter
condition are presented as a scatter plot. We observe
that the increase in the two cues is consistent across
speakers: all, but two speakers, produce a higher F1
in laughter condition than in non-laughter condition
– they are above the equal-value diagonal line, one
(represented by an empty circle) showing no difference and another one (symbolized by a full circle)
showing a small decrease. A similar trend is seen
for the center of gravity: all, but three speakers (represented by empty square, x sign and cross), show
an increase for the laughter tokens.
In order to investigate if the effects reported above
extend also to the penultimate syllable of the word
tokens, we considered all words which have at least
two syllables and repeated the analysis for the vowel
in the second-last syllable of the word. The results
obtained showed similar trends to those observed for
the vowel immediately preceding laughter, for most
of the investigated cues. Still, the trends did not
reach significance, probably due to the sparseness
of our data (it included only seven speakers, with an
average of four tokens per speaker).
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acteristics apply also to actual laughter.
An intriguing observation can be made with respect to the results illustrated in Figure 1. While not
all speakers exhibited an increased F1 or a higher
center of gravity, all of them showed at least one effect. For example, the speakers not showing an increased F1, showed a higher center of gravity and
the other way around. This is an encouraging result, as it means that the effect is consistent. At the
same time, it points also to possible individual differences in the way speakers mark the use of laughter. It would be worthwhile to investigate whether
the spectral effects we documented on the vowels
preceding laughter may depend on the way speakers
laugh or on other factors.

[2]
[3]

[4]

[5]

5. CONCLUSIONS AND FUTURE WORK

[6]

We investigated in this study the anticipatory effect of laughter on the vowel preceding it. We
found a number of significant differences between
the vowels of the same words preceding/not preceding laughter, for a range of spectral cues. These
differences are consistent with spectral changes observed in the case of “pressed” speech and aroused
speech. We see the current investigation expanding
in three different directions. First, by performing a
more detailed analysis of the observed effects, with
respect to the different types of laughter the words
precede (seeing how various types of laugh differ
in their acoustic realization [14]). Next, we plan to
extend our investigation to other, relevant, acousticprosodic phenomena, like phrasal prominence or intonation. And last, it would be worthwhile investigating the potential perceptual effect of the presence
of the detected cues indicating laughter onset prior
to its manifestation, i.e. whether listeners can anticipate laughter based on these cues, and perhaps
join in promptly or show another adequate conversational reaction. Such knowledge could also be of
potential use in dialogue systems, and add to a general understanding of the dynamics related to conversational laughter.

[7]
[8]
[9]

[10]
[11]

[12]

[13]
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ABSTRACT
The present study leverages L2 learner data to
contribute to the debate whether the perception and
production of emotions is universal vs. languagespecific. Japanese native speakers and Chinese
learners of L2 Japanese were recorded producing
single-word Japanese utterances with seven emotions.
A different set of listeners representing the same two
groups were then asked to identify the emotion
produced in each token. Results suggest that
identification accuracy was highest within groups
(i.e., for learner+learner and for native+native).
Furthermore, more confusions were observed in
Japanese native speech, e.g., with 'angry' vs.
'disgusted' confused for Japanese native, but not
Chinese learner, productions. Analyses of the
electroglottography signal suggest these perception
results stem from crosslinguistic differences in the
productions themselves (e.g., Chinese learners using
a tenser glottal configuration to distinguish 'angry'
from 'disgusted'). Taken together, these results
support the hypothesis that the encoding and
recognition of emotions does indeed depend on L1
background.
Keywords: second language acquisition, Mandarin,
overlap score, EGG, open quotient
1. INTRODUCTION
It has been proposed that the set of basic emotions
shared by all humans is universal [4]. In the same way,
some authors have argued that the ways emotions are
phonetically realized in production and recognized in
perception are also universal, i.e., do not vary based
on native language (L1) background [1, 18, 20]. As
one piece of evidence in favor of this view, similar
confusion patterns have been observed to hold across
various L1 groups. For example, in [6], a Japanese
native speaker produced the emotionally-neutral
word “banana” with five emotions (happy, angry, sad,
surprised, and suspicious), and listeners from three
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language groups (American English, Korean, and
Japanese) were asked to identify which emotion they
heard in each token. Results suggested that confusion
patterns were shared in common across all three
groups: happy+anger+surprised were confused, as
were sad+suspicious. In a similar design, [16] asked
Japanese speakers to identify emotions in speech
samples produced by native speakers of Swedish and
Russian. The speaker L1 group factor (Swedish vs.
Russian) did not have an impact on identification
accuracy, nor was it linked to significant acoustic
differences in production, suggesting universality at
the level of both perception and production.
However, there is increasing evidence L1
background does in fact play a role. For example, in
[14], native speakers of Japanese and American
English were recorded producing the name “Pikachu”
with four emotions (happy, sad, angry and calm), and
native speakers from the same two language groups
completed an emotion identification task. For both
groups, identification accuracy was higher for tokens
produced in the listener’s L1 (e.g., for Japanese
listeners, accuracy was highest with tokens from the
Japanese speakers). Likewise, in [15], four native
speakers of German produce 30 “pseudo-utterances”,
which were then presented to listeners from nine
different L1 backgrounds (Indonesian plus eight
languages spoken in Europe). Results suggested that
the closer the typological distance between German
and the listener’s L1, the higher the identification
accuracy. Under a strong universalist view, where L1
background is irrelevant, the results from both of
these studies are hard to explain.
The cross-linguistic transfer observed in second
language (L2) learners is another form of evidence
that emotional speech is language-dependent. In
particular, L2 learners have been shown to pattern
differently from native speakers in how they perceive
emotional speech. For example, in [12], only Russian
learners of L2 Japanese (and not Japanese native
speakers) had difficulty recognizing “surprise” and
“reluctance” in lexically unaccented words.

While such results have been reported at the level
of perception, at present, relatively little is known
about L2 learners’ phonetic encoding of emotional
speech in production. The present study seeks to fill
this gap, examining emotional speech by Chinese
learners of L2 Japanese (as well as a control group of
Japanese native speakers) in both perception and
production. In particular, this study has two goals.
The first goal is to test the hypothesis from [14] that,
in a perception experiment, emotional speech would
be recognized more accurately within (rather than
across) L1 groups. The second goal is to document
whether any phonetic cues (and if so, which ones)
differentiate the native speakers from L2 learners in
production, focusing on differences in voice quality
as measured by electroglottography.
2. PERCEPTION EXPERIMENT
2.1. Speech stimuli

The present study examines the following seven
emotions: happy, angry, sad, surprised, afraid,
disgusted, and neutral. “Neutral” serves as a baseline
to the other six emotions, which correspond to the six
basic emotions proposed by [4]. A survey of the
existing literature confirmed that these seven are
indeed the most commonly used in previous studies
examining emotional speech from a cross-linguistic
and/or L2 perspective.
The present study used the following 11 words as
target words: e (‘eh’), mé (‘eye’), úmi (‘ocean’),
momo (‘peach’), bánana (‘banana’), niói (‘smell’),
Manami (female given name), ímanimo (‘any
moment now’), namámono (‘raw things’), menomáe
(‘before one’s eyes’), aóyama (Tokyo place name).
These words were chosen for having meanings that
lack connection to any particular emotion, and as such
as easy to produce with a variety of emotions.
Moreover, these words represent a variety of word
lengths (counted in terms of number of moras) and
pitch accent patterns. (In the transcriptions above, an
acute accent mark indicates lexical pitch accent.)
Eight Japanese native speakers and eight Chinese
learners of L2 Japanese were recruited as speakers to
produce emotional speech in Japanese. Each group
had 4 males and 4 females, with an overall average
age of 25.9 (SD = 3.71) across all 16 speakers. All
Chinese learners spoke Mandarin as their native
language and had passed the highest level (“N1”) of
the standardized Japanese Language Proficiency Test
(JLPT). In total, 1,232 tokens of emotional speech
were recorded: 7 emotions × 11 target words × 16
speakers.
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2.2. Procedure

A different set of 24 listeners (i.e., not overlapping
with the speakers who produced the speech stimuli)
were recruited for the perception experiment: 12
native speakers of Japanese and 12 Chinese learners
of L2 Japanese. Each group had 6 males and 6
females, with an overall average age of 28.96 (SD =
6.92) across all 24 listeners. Like the speakers who
produced the speech stimuli, all Chinese learners
spoke Mandarin as their native language and had
passed the highest level (“N1”) of the Japanese
Language Proficiency Test.
In a quiet language lab, listeners performed a
forced-choice perception experiment using the
ExperimentMFC functionality in the phonetics
software “Praat”. Each stimulus was presented once
over headphones, and then listeners were presented
seven emotions on the computer screen and asked to
identify which emotion they had just heard. The 1,232
stimuli were presented in two testing sessions (always
in the same order) - first, the 616 stimuli from the
Japanese native speakers, then the 616 stimuli from
the Chinese L2 learners. Within each session, the
stimuli were presented in a randomized order.
2.3. Results and discussion

2.3.1. Identification accuracy
A response was counted as “correct” when the
emotion selected by the listener matched the emotion
originally intended by the speaker. Identification
accuracy, coded using this criterion, is shown in
Figure 1 below. (The horizontal line indicates chance
level, i.e. 100/7 = 14.3%.)
Figure 1: Identification accuracy for each combination of
speaker group and listener group

A three-way ANOVA (listener group × speaker
group × emotion) revealed a significant three-way
interaction: F (6, 132) = 2.77, p < .05. To further
investigate this interaction, a separate two-way
ANOVA (listener group × speaker group) was
performed. For the Japanese native stimuli, the
identification accuracy of the Japanese listeners was
significantly higher than the Chinese listeners (52%
vs. 48%, p < .01). Conversely, for Chinese learner
stimuli, the identification accuracy of the Chinese
listeners was significantly higher than Japanese
listeners (57% vs. 51%, p < .05). Post-hoc analyses
confirmed that this result depended to some extent on
specific emotions (hence the three-way interaction).
For example, Chinese listeners identified emotions
more accurately in Chinese learner stimuli only for
‘afraid’, ‘angry’, ‘neutral’, ‘sad’, and ‘surprised’.
These results suggest that identification accuracy
was highest within groups. This is consistent with the
results of [14], where listeners performed
significantly better if they shared the same L1 as the
speakers who produced the stimuli. This is what [13]
calls the ‘in-group advantage’, and also reminiscent
of the ‘interlanguage speech intelligibility benefit’
discussed in [2].
2.3.2. Overlap scores
The raw data from the perception task is a confusion
matrix: 7 emotions intended by the speaker × 7
emotion response options listeners could choose.
Following [10], these confusion matrices were
converted into ‘overlap scores’ using formula (1).
Information about directionality (A identified as B vs.
B identified as A) is discarded, and the resulting
values range from 0 (no overlap/confusion) to 1
(complete overlap/confusion).
(1)

overlap 𝑋, 𝑌 =

Disgusted+Angry and Sad+Neutral (third and fourth
rows) had overlap scores exceeding 0.50 for stimuli
from the Japanese speakers but not the Chinese
speakers. This suggests that, at least for certain pairs
of emotions, the speech produced by the Japanese
speakers is perceived to be more ambiguous than that
of the Chinese speakers.
Table 1: Overlap Scores for each emotion pair
(JS=Japanese speaker, CS=Chinese speaker,
JL=Japanese listener, CL=Chinese listener)
JS-JL

JS-CL

CS-JL

CS-CL

Avg.

Sad+Afraid

0.62

0.68

0.55

0.56

0.60

Surprised+Happy

0.56

0.65

0.52

0.63

0.59

Disgusted+Angry

0.58

0.53

0.40

0.46

0.49

Sad+Neutral

0.45

0.55

0.35

0.44

0.45

Happy+Disgusted

0.44

0.47

0.41

0.48

0.45

Happy+Angry

0.41

0.42

0.44

0.47

0.44

Disgusted+Afraid

0.40

0.49

0.35

0.40

0.41

Surprised+Disgusted

0.36

0.40

0.39

0.45

0.40

Neutral+Afraid

0.42

0.50

0.29

0.37

0.40

Sad+Disgusted

0.45

0.45

0.27

0.30

0.37

Neutral+Disgusted

0.41

0.44

0.27

0.34

0.36

Neutral+Angry

0.33

0.35

0.34

0.43

0.36

Happy+Afraid

0.35

0.35

0.27

0.26

0.31

Surprised+Angry

0.31

0.35

0.26

0.31

0.31

Sad+Angry

0.34

0.35

0.25

0.28

0.31

Angry+Afraid

0.33

0.36

0.26

0.27

0.30

Neutral+Happy

0.27

0.28

0.32

0.33

0.30

Surprised+Afraid

0.30

0.30

0.23

0.25

0.27

Sad+Happy

0.27

0.27

0.27

0.27

0.27

Surprised+Neutral

0.18

0.20

0.15

0.20

0.18

Surprised+Sad

0.19

0.21

0.16

0.16

0.18

0.38

0.41

0.32

0.36

Overall mean:

|𝑋∩𝑌|
min( 𝑋 ,|𝑌|)

3. VOICE QUALITY OF SPEECH STIMULI

The overlap score for all logically possible pairs of
emotions is shown in Table 1. Rows correspond to
emotion pairs, and columns represent different
pairings of speaker group and listener group. Bolding
indicates cases in which the overlap score exceeds
0.50. The final column indicates the average of the
four overlap scores in each row. Rows are placed in
descending order according to these averages.
These results suggest that pairs of emotions can be
arranged on a scale from extremely confusable (e.g.,
Sad+Afraid, mean=0.60) to clearly perceptually
separate
(e.g.,
Surprised+Sad,
mean=0.18).
Comparing the four different combinations of groups,
an overall greater level of confusion was observed for
the Japanese native stimuli. For instance,
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In previous research, voice quality has been closely
linked to the encoding and decoding of emotional
speech [21]. For instance, breathiness and tenseness
have been found to be relevant for the identification
of emotions [11, 17]. The glottal open quotient is one
measurement of voice quality that is useful for
discriminating tense vs. lax voice [7, 8]. Originally
documented in [19], open quotient can be defined as
the duration of the glottal open phase normalised to
the local glottal period [9]. Open quotient can be
directly derived from an electroglottography (EGG)
signal. Lower open quotient values (closer to 0)
indicate tenseness (e.g., creaky voice), and higher
values (closer to 1) indicate laxness (e.g., breathy
voice).

When recording the speech stimuli as described in
section 2.1 above, a Glottal Enterprises EG2-PCX2
unit was used to record the EGG signal from all male
speakers and a subset of the female speakers. The
average open quotient value across each entire word
token was then calculated, and these values were
grouped by emotion and speaker group. Figure 2
represents the results of this analysis, using data from
the male speakers only (4 Japanese native speakers
and 4 Chinese L2 learners of Japanese).
Figure 2: Distribution of Open Quotient values
for each emotion and speaker group

encoding emotions in production to a greater extent
than Japanese speakers.
To take up one example, recall from Table 1 above
that Disgusted+Angry is one example of an emotion
pair that is highly confused (overlap score > 0.50) in
speech from the Japanese speakers but not the
Chinese speakers. In the results from Table 2, it can
be seen that Angry was significantly tenser than
Disgusted in the speech of Chinese speakers. Thus,
Chinese speakers may be using vocal tension (as
signalled by open quotient) as one cue to distinguish
these two emotions, whereas the same is not true for
Japanese speakers.
4. CONCLUSION

A two-way ANOVA (speaker group × emotion)
revealed a significant main effect of emotion (F (6, 36)
= 23.76, p < .001) as well as a significant two-way
interaction (F (6, 36) = 2.98, p < .05). Post-hoc tests
on the Chinese speakers (F (6,18) = 30.45, p < .001),
corrected for multiple comparisons, indicated six
specific pairwise contrasts were different for the
Chinese speakers: angry < afraid, disgusted < afraid,
disgusted > angry, sad < neutral, surprised < afraid,
and surprised < disgusted (all ps < .05). These are
summarized visually in Table 2 below.
Table 2: Significant differences in Open Quotient values
between pairs of emotions for Chinese Speakers
CS

(1)

(2)

<
<

>

(3)

(4)

(5)

(6)

(7)

(1) Afraid
(2) Anger
(3) Disgusted
(4) Happy
(5) Neutral

<

(6) Sad
(7) Surprised

<

<

The results of the present study can be summarized as
follows. First, identification accuracy was highest
within L1 groups, i.e., when a listener heard Japanese
emotional speech produced by a speaker from his/her
same language background (Japanese native speaker
vs. Chinese learner of L2 Japanese). This entails that
the identification of emotions in speech perception is
dependent on the listener's L1 background.
Second, analysis of overlap scores indicated that,
overall, more confusions were observed in Japanese
native speech (e.g., Angry+Disgusted frequently
confused when produced by the native speakers but
not the Chinese learners). An analysis of word-level
average open quotient values suggested that this
crosslinguistic difference in confusability may stem
from differences in the productions themselves. More
specifically, Chinese learners of L2 Japanese use a
tenser glottal configuration to distinguish six different
pairs of emotions (including Angry+Disgusted),
whereas Japanese native speakers did so for zero pairs.
This finding implies that the phonetic encoding of
emotions in speech production also varies depending
on the speaker's L1 background. More broadly, this
entails that different sets of emotional contrasts are
distinguished phonetically in different languages.
Taken as a whole, the results of the present study
support the hypothesis that the phonetic encoding of
emotions in speech production, as well as the
recognition of emotions in speech perception, both
depend on L1 background. This conclusion backs up
similar findings reported in several recent previous
studies [12,14,15] and adds further evidence against
the claim that the principles of emotional speech are
universal and language-independent.
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ABSTRACT
Previous research has reported that Mandarin and
English both have short-lag and long-lag VOTs in
similar regions along the VOT continuum. However,
Mandarin long-lag VOTs are longer than English
long-lag VOTs in adults. The present study
examined whether 3- to 4-year-old bilingual
Mandarin-English children and corresponding
monolingual children demonstrate the subtle but
noticeable language difference that adult speakers
do. The participants included 10 bilingual MandarinEnglish children, 20 corresponding monolingual
children, and 22 corresponding monolingual adults.
The speech materials included 9 Mandarin words
containing three Mandarin aspirated stops and/or 9
English words containing three English voiceless
stops. The VOT values were measured using Adobe
Audition 1.0. The results showed that unlike adults,
the monolingual children and bilingual children at
this young age did not show the language difference
on long-lag VOTs. However, the VOT patterns were
different in the bilingual children who differed in the
amount of experience in English.
Keywords: Bilingual Mandarin-English children,
monolingual children, VOT
1. INTRODUCTION
Voice Onset Time (VOT) refers to the time interval
between the release of stop closure and the onset of
glottal pulsing. This durational measurement
contains information indexing the coordination of
oral-laryngeal musculature for stop production and
has been widely used as an acoustic feature to
signify the voicing and aspiration status of stop
consonants. According to the classical categorization
proposed by Lisker and Abramson in 1960s, VOT
values can be divided into three broad categories:
voicing-lead (<-75 ms), short-lag (0 – 25 ms), and
long-lag (> 60 ms) [1]. Mandarin and English both
have stops produced at bilabial, alveolar and velar
regions. However, these two languages have distinct
phonological contrasts. English is characterized by a
voiced vs voiceless distinction and Mandarin is
characterized by an unaspirated vs aspirated
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distinction. Regardless of the phonological
dichotomy, for word-initial stops in isolation, the
two languages are realized with similar phonetic
representation of short-lag vs. long-lag VOT
distinction. Nonetheless, previous cross-linguistic
comparisons of stop consonants by adult speakers
revealed that Mandarin long-lag VOTs were slightly
yet significantly longer than English long-lag VOTs
but the short-lag VOTs in these two languages were
quite similar [2, 3]. These findings indicate that
adults still show language-specific VOT features for
the phonological contrast. The longer long-lag VOTs
in Mandarin aspirated stops than English voiced
stops were not just reflected in adult speakers but
also manifested in 5- to 6-year-old monolingual
children of each language [4]. By contrast, this
language difference was only present in the bilingual
Mandarin-English children who were less
experienced in English but not manifested in the
bilingual children who were highly experienced in
L2 (English).
So far, many bilingual studies have documented
the development of VOT separation for aspirating vs
voicing language contrast in bilingual children [5-9].
These studies reported that bilingual children
successfully acquired distinct VOT patterns for both
languages eventually, but not in a monolingual-like
manner. Meanwhile, a substantial amount of
previous research on the acquisition of voicing
contrast in monolingual children has shown that
long-lag VOTs are acquired later than short-lag
VOTs [10-18]. These studies reported that while
children produced voiced stops with adult-like shortlag VOTs before 3 years of age, the long-lag VOT
for the voiceless stops were not as long as the adult
targets although the long-lag VOTs demonstrated a
gradual increase to approximate the adult values.
Additionally, the long-lag VOTs of voiceless stops
showed greater variability than the short-lag VOTs
of voiced stops. Given the later acquisition and
greater variability of long-lag VOTs in children, we
wonder whether the language difference in long-lag
VOTs shown in adults and older children is also
present in monolingual children at a younger age;
Further, whether and to what extent the language
difference in long-lag VOTs are manifested in
bilingual children at a younger age?

2. METHODS
2.1. Participants

The present study included a total of 52 participants:
10 bilingual Mandarin-English children at 3 to 4
years old, 14 monolingual Mandarin peers, 6
monolingual English peers, 12 Mandarin-speaking
adults aged between 23 and 58 years old, and 10
English-speaking adults aged between 20 and 44
years old. The bilingual children were recruited from
central Ohio region and were divided into two
subgroups based on the amount of experience in L2
reported by their parents. The Bi-low children
started to learn English at a relatively older age
(M=37.4 mo) and had a shorter period of English
learning experience (M=6 mo) with relatively low
percentage of English use (< 50% daily use). The
Bi-high children started to learn English at a
relatively younger age (M=18.5 mo) and had a
longer period of English learning experience
(M=30.3 mo) with relatively high percentage of
English use (> 50% daily use). All bilingual
children were raised by Mandarin-speaking parents
and had limited amount of exposure to English
before they enrolled in English daycare or
kindergarten. The monolingual Mandarin speakers
were recruited from Beijing, China and the
monolingual English speakers were recruited from
central Ohio region. None of the children was
reported as having speech, language, or hearing
problems.
2.2. Materials

The recording materials included two word lists: 9
Mandarin disyllabic words and 9 English
monosyllabic/disyllabic words. The Mandarin words
contained three aspirated stops /pʰ, tʰ, kʰ/ at the
word-initial position each followed by three vowels
/a, i, u/, respectively. Due to the phonotactic
constraints in Mandarin, the vowel context /i/ was
substituted with /ɤ/ for the velar stop /kʰ/. The
English words contained three voiceless stops /p, t,
k/ in isolation at the word-initial position each
followed by three vowels /ɑ, i, u/. For certain words,
the vowels /oʊ, ɪ, ɔ, ʊ/ were used as the alternative
vowel environments to ensure the familiarity of the
target words to the young age children.
2.3. Recording and data analysis

The recordings were conducted in a quiet room.
Each monolingual speaker was asked to produce one
list of words in their native language and each
bilingual speaker was required to produce the two
lists of words in both Mandarin and English. To
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ensure a better control of stimulus presentation and
to elicit the target words as expected [19], a visualauditory word repetition task conducted through
custom MATLAB program was used for recording.
Individual pictures presenting the target words were
displayed on a laptop computer screen, which were
followed by audio prompts produced by native adult
speakers of each language. The participants were
asked to repeat the target word immediately after the
audio primes. Each word list was repeated twice for
each participant. The speech samples were recorded
through a Shure SM10A head-mounted microphone
connected to an amplifier with the computer with a
16-bit quantization rate and 44.1 kHz sampling rate.
The landmarks of the onset and offset of stops
and following vowels were marked for individual
token based on the waveform with a visual check of
the spectrogram using Adobe Audition 1.0. VOT
was measured from the beginning of stop burst to
the beginning of vowel periodicity which was set as
the zero-crossing point of the first glottal pulse for
vowel production. Subject mean VOT values were
calculated for further statistical analyses.
The VOT data were subject to statistical tests.
First, a two-sample Kolmogorov–Smirnov (K-S) test
was used to compare the distribution of all long-lag
VOT data between Mandarin and English for each
group of speakers. Then, a Linear Mixed-Effects
model was applied to compare the language
difference within each group of speakers and group
difference within each language. For language
comparisons, the language mode, place of
articulation, and vowel context were defined as the
fixed effects and the subject effect was set as a
random effect. For group comparisons, the four
groups of speakers, place of articulation, and vowel
context were set as the fixed effects while the
subject effect was defined as a random effect. As the
effects of place and vowel on VOT have been well
examined in previous studies [3, 18, 20], these two
fixed effects were not reported and discussed here.
3. RESULTS
Figure 1 displays the comparison of the distribution
of all long-lag VOT data between Mandarin and
English for each group of speakers. Compared to
monolingual and bilingual children, the adult
speakers for both languages showed concentrated
long-lag VOT distributions. English long-lag VOTs
mostly occurred around 80 ms while the Mandarin
long-lag VOTs mostly occurred around 100 ms. The
K-S test revealed significantly different long-lag
VOT distribution between the two languages in adult
speakers (p=0.001). As for the monolingual children,
although a certain portion of Mandarin long-lag

VOTs were located at a higher value region than
English long-lag VOTs, the overall distributions of
the long-lag VOTs in Mandarin and English did not
differ as much as those in the monolingual adult
speakers. The K-S test yielded no significant
difference between the two languages in
monolingual children (p>0.05). Similar to
monolingual children, neither Bi-low nor Bi-high
children showed evident separation between
Mandarin and English long-lag VOTs. The K-S tests
confirmed this observation (all p>0.05). However,
the long-lag VOTs for both languages in the Bi-low
children were distributed in a wider range than the
Bi-high children and monolingual children.
Figure 1. Histograms with kernel density estimation
showing the distribution of long-lag VOTs for Mandarin
aspirated stops and English voiceless stops in each group
of speakers.

Figure 2 presents the mean and standard error of
the long-lag VOTs collapsed across the three places
and vowel contexts for each language in each group
of speakers. Although the long-lag VOTs in both
monolingual Mandarin adults and children were
longer than those in monolingual English adults and
children, a significant language difference was only
yielded between Mandarin adults and English adults
(F=4.673, p=0.043). With regard to the two groups
of bilingual children, neither Bi-low nor Bi-high
children demonstrated evident difference of long-lag
VOTs between Mandarin and English. No
significant language difference was found for them.
Interestingly, although none of the bilingual groups
showed significant language difference, the Bi-low
children produced both Mandarin and English longlag VOTs longer than the monolingual speakers
while the Bi-high children produced both Mandarin
and English long-lag VOTs shorter than the
monolingual speakers.
Group difference of long-lag VOTs for each
language was also examined. Averaged across the
places of articulation and vowel contexts, the
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average VOT value for Mandarin aspirated stops
was 140 ms in the Bi-low children, 93 ms in the Bihigh children, 110 ms in the monolingual Mandarin
children and 105 ms in the monolingual Mandarin
adults. The average VOT value for English voiceless
stops was 136 ms in the Bi-low children, 94 ms in
the Bi-high children, 101 ms in the monolingual
English children and 92 ms in the monolingual
English adults. The Linear Mixed-Effects modelling
yielded a significant group difference for both
Mandarin aspirated long-lag VOTs (F=3.277,
p=0.034) and English voiceless long-lag VOTs
(F=8.717, p=0.001). The results of the estimates for
fixed effects with the group of monolingual adults as
the reference level revealed a significant difference
between the Bi-low children and monolingual
Mandarin adults as well as between the Bi-low
children and monolingual English adults. No
significant difference was found between
monolingual children or Bi-high children and the
reference group of monolingual adults for Mandarin
or English.

Figure 2. Comparison of the means and standard errors of
long-lag VOTs collapsed across place and vowel between
Mandarin and English for each group of speakers.

4. DISCUSSION
The present study extended our earlier research of
cross-language comparison between Mandarin and
English VOTs to a younger age group of 3- to 4-year
olds. Given that the VOT difference between
Mandarin and English is mainly reflected in long-lag
VOTs in adult speakers and the long-lag VOTs show
later acquisition and continuing development in
children after 3 years of age in comparison to the
short-lag VOTs, the present study focused on the
long-lag VOTs of Mandarin aspirated stops and
English voiceless stops.
Unlike monolingual adults and the older
monolingual children reported in our previous study,
the 3- to 4-year-old monolingual children did not
show significant difference in the long-lag VOTs

between Mandarin and English. However, the trend
of longer long-lag VOTs in monolingual Mandarin
children than in monolingual English children can be
observed. Previous research showed that long-lag
VOTs develop at a later age than short-lag VOTs.
The long-lag VOTs develop from a widespread
distributional pattern to a gradually concentrated
pattern to approximate the adult targets [14, 15, 17].
Although 5- and 6-year-olds demonstrated a less
concentrated VOT distribution for the long-lag
VOTs than the adults, they had approximated the
adults’ targets and showed significant language
difference between Mandarin and English long-lag
VOTs. By contrast, for the younger children, they
were still refining the production of long-lag VOTs
and had not acquired the adult-like pattern.
Therefore, the subtle difference between Mandarin
and English long-lag VOTs found in adults might
not be well shown due to the continuing
development of long-lag VOT in young children.
Unlike monolingual children who possess only
one phonetic system, bilingual children need to
manipulate two phonetic systems. The young
bilingual children tested in the present study,
regardless of the amount of experience in English,
could hardly separate the long-lag VOTs between
these two languages. These findings were
inconsistent with previous research on the
development of language-specific VOT patterns in
bilingual children [5-9, 21, 22]. These studies
reported that bilingual children, at a young age,
successfully acquired distinct VOT patterns for each
language, even though not always in an adult-like
manner. It is noteworthy that the target languages
investigated in these studies occupy different VOT
ranges along the continuum. For example, in Kehoe
et al., [7] study of German-Spanish bilinguals,
German stops are characterized by short-lag vs.
long-lag contrast while Spanish stops exhibit
voicing-lead vs. short-lag distinction. In Simon [8]
study of Dutch-English bilingual child, Dutch has a
voicing lead vs. short-lag VOT distinction but
English has a short-lag vs. long-lag distinction. The
two target languages in the present study are both
realized as short-lag vs. long-lag distinction with
slight difference shown on the long-lag VOTs by
adult speakers. As shown in the present study, the
younger bilingual children including both
experienced and inexperienced bilingual children
demonstrated almost completely overlapped
Mandarin and English long-lag VOTs. However, the
two groups of bilingual children still differed from
each other in that the Bi-low children demonstrated
widespread distributions of long-lag VOTs for both
L1 and L2 than the Bi-high children and
monolingual speakers. In addition, the Bi-low
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children produced both L1 and L2 long-lag VOTs
longer than the Bi-high children and other groups of
monolingual speakers did.
The comparison of the four groups of speakers
for each language revealed that the Bi-low children
tended to produce English long-lag VOTs longer
than monolingual English children and adults. Note
that English long-lag VOTs in adult norm are
normally shorter than Mandarin long-lag VOTs. The
longer English long-lag VOTs in the Bi-low children
than the monolingual speakers and Bi-high children
likely showed the assimilation of English VOTs
toward Mandarin representations. Interestingly, the
Bi-low children not just differed from other three
groups on the English long-lag VOTs, they also
produced Mandarin long-lag VOTs longer than the
other groups, similar to the Bi-low children at a
relatively older age reported in our former study [4].
Additionally, the modification of Mandarin long-lag
VOTs seemed to occur with the same direction of
increased VOT values for the English long-lag
VOTs and deviated from the target Mandarin VOT
values produced by monolingual Mandarin speakers.
These results suggested that young bilingual
children experienced great change in their phonetic
systems during the early stage of L2 learning.
Different from the Bi-low children, the Bi-high
children had a longer period of English learning and
a greater amount of exposure to English. They have
acquired English long-lag VOTs as monolingual
English speakers and showed no significant
difference from the monolingual speakers.
Meanwhile, the Bi-high children’s Mandarin longlag VOTs were shorter than the monolingual
Mandarin children and adults although the
difference between the Bi-high children and
monolingual Mandarin speakers did not reach the
statistical significance. This result suggested the
tendency of approximation of Mandarin long-lag
VOTs towards the English long-lag VOTs in the Bihigh children.
5. CONCLUSION
In sum, the present study revealed that the subtle
difference between Mandarin and English long-lag
VOTs was not present in young bilingual MandarinEnglish children, regardless of the amount of
experience in English. This might be accounted for
by the combined effect of the continuing
development of long-lag VOTs in children at
relatively young age and L1-L2 interactions. It is
noteworthy that the small number of participants in
the present study compromises the statistical power
of the outcomes and generalization of the findings.
A future study with more participants is warranted.
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ABSTRACT

High-variability phonetic training (HVPT) has been
shown to be highly effective in improving secondlanguage (L2) perception in adults, and to also benefit
production. In contrast, recent studies have suggested
that children may benefit more from low-variability
phonetic training (LVPT), in particular for
production. The present study compares HVPT and
LVPT articulatory training for production and
perception of Standard Southern British English
(SSBE) vowels in children in a non-immersion
context. Forty-six monolingual Arabic children aged
8-12 years were randomly assigned to single- (LVPT)
or multi-talker (HVPT) training. Both groups
completed five articulatory training sessions on 18
vowels and a battery of perception and production
tests evaluated improvement. The results showed that
the LVPT group performed better not only in
production, but also in category discrimination. The
results support previous studies that have suggested
that LVPT training might be more successful with
children.
Keywords: Phonetic training, Articulatory training,
Vowel production by Arabic children
1. INTRODUCTION
The majority of training studies have used highvariable phonetic training (HVPT) with adult
participants, presenting training materials recorded
by multiple speakers and/or multiple phonetic
contexts, and typically focussing on the effects of
perceptual training for perception (e.g., category
identification or category discrimination). Although
the use of low-variable phonetic training (LVPT) has
been shown to provide some improvements in
perception, only listeners trained using HVPT
perform better when presented with new talkers [13].
Subsequently, HVPT has been the dominant
approach in the field, and has been found to be
effective in improving the perception of difficult nonnative contrasts [11] with some studies finding that
this also transfers to production tasks (e.g. [2,19]).
However, more recent work with both adults and
children has failed to find a high variability
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advantage. For example, Greek children and adults on
the perception of English /i/-/ɪ/ contrast for ten
sessions in a computer-based word learning game,
where they heard imageable words produced by either
a single (LVPT) or multiple talkers (HVPT) [6]. Their
task was to decide which picture best represented the
word they heard. The pictures were minimal pairs,
e.g., if they heard sheep, they chose between a picture
of a sheep and a ship. They could re-play the stimuli,
and had immediate feedback. They completed a
battery of pre- and post-tests including category
discrimination and word-learning. These showed that
both adults and children improved during training,
but both improved more with LVPT. Although adults
showed a numeric advantage for HVPT on a 3interval oddity task, this was not reliable or only nearreliable, statistically. In contrast, children showed the
reverse effect: they improved significantly more in
LVPT.
In a similar study, Spanish adults and children
were trained on the English /i/-/ɪ/ contrast, also using
a computer-based word learning game with feedback
[4]. Participants were assigned to either a single(LVPT) or multiple talker (HVPT) training condition
and completed 5 training sessions. To assess potential
improvement, participants completed a category
discrimination task (words and non-words, new
talkers) and a word repetition task (production) before
and after training. All subjects improved across
training sessions, but LVPT-children improved more
than HVPT-children. However, only children and not
adults, improved in word-based category
discrimination, and only those in the HVPT condition
improved in non-word discrimination. In contrast,
LVPT but not HVPT-children improved in their
production of the /i/-/ɪ/ contrast. One possible
interpretation of these results is that LVPT might be
more beneficial for the acquisition of new articulatory
targets but that variability may be crucial for the
generalization of perceptual learning.
To further investigate the role of variability in L2
learning, the current study took a different approach.
We built a child-friendly, computer program,
CALVin (Computer Assisted Learning for Vowels
interface) which we used to train native, monolingual
Saudi Arabic children in the production rather than
perception of SSBE vowels. Pre-/post-tests

investigated whether or not there was any
improvement in production, and whether this also led
to improvements in perception.
The evidence for production-perception transfer in
production training studies with adults is mixed. For
example, a study in which Japanese learners were
trained with English /r/-/l/ production over 10, oneto-one sessions using a multi-faceted approach that
used explicit feedback from the instructor, and
feedback with synthesised versions of their own
productions, found that whilst production became
more native-like, perception of English /r/-/l/ did not
improve [8]. Likewise, a study comparing the effects
of HVPT and production-based training for adult
Arabic learners of English also found that training
appeared to be domain-specific: those given HVPT
improved in vowel identification but not vowel
production, whilst those given production training
showed only small improvements in performance on
perceptual tasks, but much greater improvement in
production [1]. In contrast, adult US English speakers
trained in either the production or perception of a
Spanish 3-way intervocalic contrast, improved
primarily in their identification of the contrast [10].
Based on this work, we predicted that our children
would benefit most from single-talker training, but
that any improvement in production might not
transfer to perception.
2. METHODS
2.1. Participants
Forty-six native Saudi Arabic children aged 9-12
years old (all female) were randomly assigned to LV
(single-talker) or HV (multiple-talker) training
condition. Participants were recruited from public
schools in Jeddah, were all in their final 2 years of
primary school, and had had little prior exposure to
English. They had begun learning the English
alphabet and some words aged 9yrs. None of the
participants reported any history of speech, hearing or
language impairments. In addition, 5 SSBE speakers
aged 22-46 yrs (median 30 yrs), rated participants’
production for intelligibility.
2.2. Apparatus and stimuli
For the pre-/post-tests, stimuli were played over
headphones at a comfortable level, and a laptop was
used to play stimuli and collect responses.
Articulatory training was delivered by an instructor
(1st author) using CALVin. Over the training sessions,
the children were trained on 18 vowels covering the
majority of the SSBE vowel space; /iː, ɪ e, ɜː, æ, ɑː, ɒ,
ɔː, ʌ, ɜː, uː, ʊ, eɪ, aɪ, aʊ, əʊ, eə, ɔɪ, ɪə /. They heard
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vowels produced in isolation and in CVC example
words, e.g., /əʊ/ for coat.
Stimuli were recorded by 4 native adult SSBE
speakers (2 male, 2 female). In addition, AV
recordings were made for the example and key words.
These were later embedded in CALVin so that
children could see lip and jaw movement. Lastly, a
young, male child was recorded producing
instructions. Stimuli were played using a high-quality
external speaker connected to a laptop.
The pre- and post-test stimuli for category
discrimination (recordings of the /b/-V-/d/ and /b/-V/t/words), and word imitation (/h/-V-/d/ words) were
recorded by 4 British English speakers (2 male and 2
female); none of these words or speakers were used
in the training, ensuring that all pre- and post-tests
measured generalization to new stimuli.
2.3. Procedure
Participants in both training groups completed 5
training sessions, each focussing on a different set of
vowels, selected to be highly confusable based on the
results of previous studies with Arabic learners [3].
They completed only 1 training session per day, and
all training sessions were completed over two weeks.
Participants in the HV group were trained with a
different SSBE speaker for each of the first 4
sessions, and the fifth session included all 4 of these
speakers. The LV group were trained using only 1
SSBE speaker. Children were trained together in
groups of 4/5, which enabled them to learn in a
similar environment to the one that they were familiar
with in the classroom.
In the first session, children were introduced to
CALVin. Each training session then proceeded in the
same way. At the beginning of each session, the
instructor explained how jaw opening, tongue
movement and the lips affect the way different
vowels are produced, and encouraged children to
practise producing different sounds. The children
were then invited to choose one of the 5 vowel groups
(the instructor ensured no group was repeated and that
the order in which vowel groups were completed was
counterbalanced across groups), and within that, 1
vowel, represented by an image and a keyword. When
clicking on the keyword, they heard the keyword,
recorded themselves producing it and listened back to
their recordings. The instructor gave instructions, in
Arabic, about how to move the jaw, lips and tongue
to produce similar vowels. Participants were asked to
produce a vowel similar to the one that was shown in
the animation, then try it individually. After feedback
from the instructor, each child recorded their
production of the isolated vowel, before comparing it
to the SSBE speaker in CALVin. They then did the

same thing for the example word, but this time they
watched the AV recording before recording their own
version and listening again to compare it with the
native speaker. They then repeated these steps for the
other 2-3 vowels in the group. Each session ended
with a review of the vowels covered, led by the
instructor, and lasted approximately 45 mins.
3. RESULTS
Independent samples t-tests on the pre-test category
discrimination (% correct) and vowel intelligibility
(proportion correct) scores, showed that all children,
regardless of age and training condition (HV, LV)
performed similarly, confirming that there was no
significant difference between the groups at pre-test,
p >.05. All further analyses therefore investigate
potential differences as a result of training condition.
3.1. Category discrimination

Linear mixed models were built separately for F1 and
F2, with test (pre-post) and group (LV-HV) as fixed
factors, and participants and vowels as random
factors. The models showed that there was no
significant change in the F1 and F2 values from pre
to post-test in both training groups. Using data
collected from [9] to model a ‘prototypical speaker’
of SSBE, the participant’s productions were classified
according to the closest vowel in the SSBE model (as
measured using the Mahalanobis distance). The
classification accuracy showed a small improvement
for LV speakers from pre- to post-test although this
just failed to reach significance (p = 0.0528).
3.2.2 Vowel Intelligibility
Figure 2: Boxplots showing vowel intelligibility
accuracy (i.e., SSBE speakers’ identification of
Arabic children’s production) at the pre and posttests.

Figure
1:
Boxplots
showing
category
discrimination accuracy at the pre- and post-test for
low and high variability training.

A linear mixed-effects logistic regression model was
built with the correct/incorrect binomial responses as
the dependent variable, training group (HV, LV) and
time (pre, post) as fixed factors and participants as
crossed random effect. The main effect of test (prepost) was significant, χ2 (1) = 9.122, p<.05, which
suggests that there was a change in category
discrimination accuracy from pre- to post-test. There
was no significant effect of training group, χ2 (1) =
0.938, p>.05. However, the model showed a
significant interaction between training group and
test, χ2 (1) = 4.667, p<.05, and the contrast between
factors showed that the LV group performed better at
the post test than the HV group, b=-0.1998,
SE=0.0924, z=2.161, p<.05.
3.2. Imitation task
3.2.1 Acoustic analysis
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A linear-mixed effects logistic regression model fit by
maximum likelihood, was built for identification data
based on the correct/incorrect binomial responses.
The best fitting-model indicated that there was a
significant effect of time χ2 (1) = 16.762, p < .001,
indicating that participants improved in their vowel
production from pre- to post test. The planned
contrasts indicated that participants were more
intelligible at the post-test, b= 0.447, SE=0.125,
z=3.55, p<.001. The model also showed a significant
effect of training group, χ2 (1) = 7.65, p < .01, with
the contrast showing that the LV group performed
slightly better than the HV group, b= 0.374,
SE=0.141, z=2.645, p<.01.
4. DISCUSSION
The current study investigated whether Arabic
children improved in their production of SSBE
vowels after training, whether any improvements in
production generalized to perception, and
additionally, whether or not children benefitted
differently from HV or LV training. The results

demonstrated that although improvements were
small, all children improved in their perception, but
that children in the LV condition improved most.
Similarly, all children improved in their production.
Again, these changes were small, but those in the LV
condition improved more than those in the HV
condition.
The findings for production are in line with
previous studies [4] that have found LV training to be
more beneficial for children in learning new
articulatory targets. One possibility is that this is
because in LV training, learners find it easier to
remember how a particular speaker produces a given
vowel and are able to use this as the basis for their
own production. This might be particularly true for
children, who find it harder than adults to adapt to
multiple talkers [16]. Further, the children in the
current study were tested in a non-immersion setting,
where they do not regularly hear native English
speakers, and this may have made it still harder to
adapt to talker variability.
That being said, all children improved somewhat
in production, including those in the HV training
condition, and the difference between the groups at
post-test was not large. For practical reasons, it was
only possible to conduct a relatively small number of
training sessions. One possibility then, is that were
children to have completed more training sessions, all
children would have improved more, but that those in
the HV training condition might have improved in
their production as much as, or perhaps more than
those in the LV condition. That is, in the HV
condition, learning may have been slower initially,
and 5 training sessions may not have been enough to
benefit from talker variability, but with further
training, children in the HV condition may have
learned as much as or more than those in the LV
condition.
Indeed, inspection of the acoustic data showed that
all children, regardless of training conditions, were
able to generalise their learning in production to new
stimuli in the imitation task. This showed that for
certain monophthongs, /ɜː, ɑː, ʊ/ and the closing
diphthongs /eə, ɪə/, participants in both groups
changed their F2 values such that these vowels were
produced with more native-like realizations.
Although this change was not big enough to show any
significant improvement overall, it might indicate that
children had started to acquire vowel targets that do
not exist in their L1. One possibility is that because
none of these vowels exist in Arabic, they found these
easier to acquire than those where there is a
competing, nearby Arabic vowel. This is in line with
the predictions of theories of L2 learning such as the
SLM [5] which proposes that the greater the distance
between the L2 and L1 category is, the more likely it
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is that the phonetic differences between the sounds
will be detected, and a new phonetic category will
eventually be established.
Why was the amount of improvement small? As
previously mentioned, children only completed 5
training sessions, and although previous studies have
found improvement with this number (e.g., [4]), it is
possible that our children of a similar age but with
less English experience required more sessions in
order to show any greater improvement. Another
possibility is that the number of vowels trained
affected learning. Previous studies [16] have shown
that when it comes to perception for adults, training
with a full set of vowels is more effective than
learning with a subset. Consequently, we decided to
train children with the full vowel inventory, rather
than focussing on a smaller number of challenging
contrasts. However, it is possible that had we trained
children on a subset of vowels, spending more time
on more difficult contrasts (e.g., [4]), children would
have improved more in their production overall.
Another reason for the small changes in vowel
production might have to do with the richness of
input. Although children were trained with all 18
vowels, the number of different stimuli was relatively
small: 36 imageable keywords, alongside AV
recordings, produced by between 1 and 4 SSBE
speakers (depending on training condition). It may be
that this, coupled with the relatively small number of
training sessions, meant that children did not receive
enough input to show greater improvement in
production.
Lastly, in contrast to previous findings with adults
[e.g., 1, 8], all children also improved in perception,
but those in the LV group appeared to improve more
than those in the HV group. This suggests that
phonetic training may not be domain-specific and
also that, unlike adults, children may benefit from
single-talker perceptual training (cf. [6]), perhaps
because as previously discussed, they find it harder to
adapt to talker variability and so are less able to
benefit from this in training.
5. CONCLUSION
The current study found that LV phonetic training
appears to be more beneficial for children’s vowel
production and perception than HV training, unlike
for adults. However, improvements in both
production and perception were relatively small. It
remains for further research to investigate whether
increasing the number of training sessions and the
richness of stimuli would aid learning of novel L2
contrasts in children.
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ABSTRACT
Sociophonetic work on consonantal variation in
American English (AE) has reported regional and
social influences on phonetic realization of voiced
stop closures. In particular, adult speakers of
Southern AE exhibited greater extent and magnitude
of voicing than speakers of mainstream varieties,
reflecting their strong community ties and common
beliefs, with no evidence for sound change in
apparent time. We hypothesized that the sound
change could originate in children, who would
suppress the excessive voicing as a marked feature
associated with the regional Southern twang.
Variation in the extent of voicing in voiced stop
closures was analyzed acoustically in school-age
children born into local families in a small Southern
Appalachian community, relative to matched
mainstream AE controls. No significant differences
were found between the two groups. However, a nonsignificant trend included greater frequency of fully
voiced closures in the Appalachian children,
reflecting the speech of the older speakers in this
community.
Keywords: sociophonetics, consonants, voicing,
American English, regional dialect.
1. INTRODUCTION
It has been well established that differences in vowel
production constitute the most salient variable that
divides American English (AE) into regional varieties
spoken in geographically defined dialect regions
[11,12]. Given the predominant focus on vowels,
consonantal variation has received comparatively less
consideration and instrumental sociophonetic studies
are still scarce (see the review in [23]). Especially
little is known about regional variation in the
production of stop consonants. This is a surprising
gap, considering that socially based variation in
specific properties of stops such as voice onset time
(VOT) or glottalization was intensely studied and
documented in other varieties of English including
British and Scottish English [6,7,21,22].
Several recent sociophonetic studies reported,
however, that heritage languages and regional
influences do condition the realization of stops in AE.
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To that end, a distinct pattern of cueing the voicing
contrast in word final position (i.e., partial
neutralization) was found in Wisconsin (WI) across
several generations of Americans living in
historically German American communities [18,19].
Another study reported an unexpected pattern of
regional variation in voiced stop closures in the
intersonorant position [10]. In particular, middleaged women in a Southern Appalachian community
in western North Carolina (NC) produced stops with
fully voiced closures compared to a corresponding
group of women from WI, whose stop closures were
only partially voiced. The WI productions reflected
a typical realization of voiced stop closures in AE,
consistent with the predictions of the breath-stream
control mechanism model [24], whereas the Southern
productions were markedly different, suggesting
involvement of an active mechanism that facilitated
the continuation of voicing during the closure.
Consistent with [10], the heavy voicing during
voiced stop closures in the intersonorant position was
also found in speakers of Southern heritage residing
in three different communities in Inland California
(CA) [16]. Southern dialect features are prevalent in
California’s Central Valley owing to an earlier
migration of settlers from several Southern states in
1930s. Analyzing spontaneous productions of women
and men ranging in age from 19-90 years, the study
found that people who earned their living off the land
(e.g., those involved in farming, ranching, logging or
other forms of land-based industries) had
significantly stronger voiced stops (measured as
intensity of voicing during the closure) than those
who did not. Importantly, speaker age (i.e.,
suggestive of sound change in apparent time), sex or
education had no significant effects on the magnitude
of closure voicing. Rather, the voicing pattern was
associated with the values of land-oriented
communities in CA, suggesting that social factors can
underlie regional variation in voiced stops.
Intrigued by these findings, the current study
further inquired into the patterns of regional variation
in the realization of voiced stops in the intersonorant
position. According to [16], there was no indication
of age-related change (i. e., sound change in apparent
time) in the closure voicing pattern in people who
earned their livelihood off the land. However, the
youngest speakers in the CA sample were 19 year-old

adults who were able to interpret the indexical
meaning of this phonetic feature through their
economic ties to the land. We conjectured that change
in the production of closure voicing can be
manifested in children rather than in adults due to
apparent child-adult differences in interpretation of
socio-cultural contexts.
We previously tested a related hypothesis in
school-age children in the two communities in NC
and WI studied in [10]. Our particular interests were
in the Southern Appalachian children who were
growing up in a culturally changing small-town
community, as the region has opened up to influences
of mainstream American socio-cultural norms. These
children were termed the “in-between” generation
thanks to their distinctive vowel productions [9]. In
particular, they created new intermediate phonetic
forms that have reflected their accommodation to the
changing environment, and indicated both their
belonging to the local area and their approximation of
forms used in the mainstream American society.
Of relevance, the Appalachian children rejected
the monophthongization of the diphthong /ai/ in prevoiceless contexts, the most archaic Southern feature,
possibly as being old-fashioned and associated with
older local speakers. We conjectured that they will
also have rejected the “heavy” voicing in voiced stops
as manifesting the stereotypical Appalachian twang,
a distinct manner of speaking associated with rural
regional identity. In recent years, the meaning of the
term twang has been explored in perceptual
dialectology research as indicating differences among
AE varieties [17]. In the context of the American
South, it was concluded that “twang is associated with
linguistic features and social meanings salient in
perceptions of the Southern speech in American
English, including perceptions of the social personae
of rural white Southerners” [20, p. 396].
Given the evidence of suppression of locally
marked variants in vowels [9], we hypothesized that
the Appalachian children will have also suppressed
the extended voicing in stop closures. Presumably,
the “less sonorous” voiced stops will have had the
appeal of mainstream America, indicating children’s
departure from the regional twang. Our hypothesis
will be supported if no significant differences were
found between the productions of the Appalachian
children and children representing a variety of
mainstream AE spoken in WI.
2. METHODS
2.1. Participants

local families rooted in the Appalachian region of
western NC in Jackson and Haywood counties, and
10 were from the Madison area in south-central WI.
All were typically developing children, attended local
schools, and none had undergone speech-language
therapy in the past. All were fluent readers, which was
a prerequisite for their participation in the
experiment.
2.2. Speech materials

Speech materials were as in [10]. The target words
were bits/bids, bets/beds, bats/bads, baits/bades,
bites/bides and occurred in sentential context of the
type: Doc said the LARGE bats are fast. No! Doc said
the SMALL bats are fast. The main sentence stress
(capitalized for the reader) was varied systematically
so that each sentence pair was read in five different
ways, conditioned by the emphatic stress. For the
analysis of voiced stops in the target words, three
emphasis levels were selected (high, intermediate,
low) as representing variation in speech. Examples:
High: Rob said the tall CHAIRS are warm. No! Rob
said the tall BEDS are warm. Intermediate: Rob
said the SHORT beds are warm. No! Rob said the
TALL beds are warm. Low: Rob said the tall beds are
COLD. No! Rob said the tall beds are WARM.
In the second sentence in each pair, the stop /b/
always occurred in the intersonorant position, at the
juncture of two words (e.g., tall beds). To control for
the degree of velarization of /l/, only words with open
back vowels were used (small, dull, fall, tall). Each
sentence pair was displayed (randomly) on a
computer screen and read by the child. A short
practice was administered prior to the experiment to
ensure that the child was able to do the task. Only the
stop /b/ in the second sentence was analyzed for a
total of 30 productions obtained from each child.
2.3. Acoustic measurements and measures

Acoustic measurements included word onset, word
offset, stop closure onset (which was the same as
word onset), closure release, voicing offset during
closure, and voicing onset for the vowel. These
landmarks were located by hand from the waveform
using TF32 software package [15]. From these output
values, several acoustic measures were then
computed with MATLAB [13], including word
duration, closure duration, and the extent of closure
voicing measured as both closure voicing duration
and the proportion of closure voicing.
3. RESULTS

Twenty children, all girls, ranging in age from 8-12
years, participated. Ten were born into and raised by
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Figure 1 exemplifies variation in stop closure voicing
(here, the /b/ in small baits) under high and low

emphasis in one NC girl and one WI girl. The
waveforms are time aligned and include a 15-ms
interval preceding the stop closure, the stop closure
itself (the time interval between the first red and the
blue mark), and a 15-ms interval that follows the stop
closure release. We observe that all closures are
partially voiced. The extent of voicing (the time
interval between the two red marks) appears greater
for the NC child than for WI child.
Figure 1: Waveforms of partially voiced closures

interaction (χ2 (2) = 8.26, p = .020), which was due to
significantly greater durations of high-emphasis
words in WI.
The corresponding durations of stop closure are
included in Figure 2. The model for closure duration
also failed to show an effect of dialect (χ2 (1) = .29, p
=.590). Emphasis was the only significant predictor
(χ2 (2) = 226.47, p < .001). As for the words, all
pairwise comparisons were significant (p < .001).
Overall, the analyses of word and stop closure
durations showed no temporal differences between
productions of NC and WI children. Furthermore,
both groups of children were successful in conveying
temporal variations as a function of emphasis level.
3.2. Analyses of the closure’s voicing

3.1. Word duration and stop closure duration

We first considered the durations of the target words
and the stop closures, fitting separate linear mixedeffects models to each variable. The statistical
analyses were carried out in SPSS v. 25 [8]. For each
dependent variable, a baseline model only included
the intercept; dialect, emphasis level, final consonant
(-d, -t) and their interactions were entered as fixed
effects using forward selection. Participant was a
random effect. The significance of the fixed effect
was determined with likelihood ratio tests. Vowel
quality was not included in the models because its
effects were not of immediate interest to the study.

The average duration of voicing in closure was
slightly greater for NC children (64.2 ms) than for WI
children (58.1 ms). However, this difference was too
small to reach significance (χ2 (1) = .96, p = .330).
The model also included the effect of emphasis (χ2 (2)
= 31.59, p <.001). For each dialect, the extent of
voicing was greatest in the high-emphasis condition
(Figure 3). Multiple comparisons showed that the low
and intermediate levels did not differ significantly
from each other (p = .653). No other main effects or
interactions were significant.
Figure 3: Average (s.e.) extent of voicing

Figure 2: Average (s.e.) word and closure durations

The analysis of word duration failed to show an
effect of dialect (χ2 (1) = 1.33, p = .250). The main
effect of emphasis was significant (χ2 (2) = 555.1, p <
.001). As shown in Figure 2, word durations
decreased with each lower emphasis. Multiple
comparisons indicated significant differences among
all three levels (p < .001). The model was slightly
improved by including an emphasis by dialect
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Given the modest dialect-related differences for
closure voicing measured in absolute terms, we also
assessed the proportion of voicing (i.e., the duration
of closure voicing relative to the overall closure
duration). As shown in Figure 4, the relations among
emphasis levels were now reversed and thus the
proportion of voicing increased with each lower level.
The model of the proportion of voicing yielded
similar results: No significant effect of dialect (χ2 (1)
= .99, p = .320), and a significant effect of emphasis
(χ2 (2) = 96.84, p < .001). In this analysis, however,
all pairwise comparisons were significant (p < .001).

Figure 4: Average (s.e.) proportion of voicing

Although the majority of the stop closures were
partially voiced, we also inquired into the frequency
of fully voiced closures in our sample. Only 17% of
all closures were fully voiced, of which 10.7% were
produced by all 10 NC children and 6.3% by 8 WI
children. Figure 5 shows the frequency of fully voiced
closures split by emphasis level and final consonant.
We observe that, in the high-emphasis condition, only
NC closures were fully voiced, and the fully voiced
closures were also comparatively more frequent at the
intermediate level. As expected, both groups
produced the fully voiced closures mostly in shorter
non-emphatic (unstressed) words.
Figure 5: Frequency of fully voiced closures

4. DISCUSSION AND CONCLUDING
REMARKS
Based on the previous reports of diachronic vowel
change in the Appalachian community in western NC
[9], we hypothesized that sound change can also be
manifested in consonant productions. The current
study found that children in this community indeed
suppressed the marked local variant of a “sonorous”
voiced stop. Unlike the fully voiced stop closures in
older generations [10], the children’s closures were
only partially voiced and, along with the other
associated variables, did not differ significantly from
mainstream AE productions of children in WI.
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Although this is a small-scale study and only
considers one stop /b/ in the intersonorant position,
this type of variation has proven relevant in
sociophonetic research [10,16]. Of importance is that
all children were born and raised in the area and came
from families representing several generations of
local Appalachians, which secured their exposure to
the regional twang. We underscore the nonsignificant trends in children that are reminiscent of
the older speakers in the community: The extent of
their closure voicing was still greater than in WI
children and their fully voiced closures were
comparatively more frequent. Possibly, these nonsignificant trends signal greater frequency of fully
voiced closures in free conversations, and perhaps a
greater overall strength of voicing that can emerge in
spontaneous speech [16]. Future research will verify
these possibilities.
Focusing on regional variation in the production
of /b/, we assume that the older children studied here
have already acquired the voicing contrast in stop
consonants. Given the recent evidence from 27
languages that most consonants are produced
correctly by the age of 5 [14], it is unlikely that the
patterns of variation in /b/-production found in this
study can be attributable to incomplete development.
However, the results do provide evidence for the
mastery of linguistically meaningful control of
emphatic stress in these children, acquisition of which
may continue past the age of 7 [1]. In particular, the
significant effect of word emphasis on the proportion
of stop closure voicing (all pairwise comparisons
were significant) indicates that both NC and WI
children were able to vary their productions of /b/ in
a systematic fashion, even if still reading more slowly
than the adults (mean word duration for all children
was 513 ms relative to 443 ms for adults in [10]).
Finally, the current study justifies the scientific
inquiry into sociophonetics of the consonantal
variation in AE. Admittedly, an important body of
recent phonetic work began to investigate patterns of
variation in realization of stops in AE, both within
and across talkers, in structured and spontaneous
speech, and taking into account the phonetic effects
of surrounding context, word and phrase position,
variation in lexical stress and speaking rate [2-5].
However, while insightful and breaking new
methodological grounds, these studies explored
variation in talkers coming from a range of dialect
backgrounds and were not concerned with
consonantal variation and sound change in a
particular regional variety or speech community.
Situating these explorations in sociophonetic contexts
may lead to the emergence of new loci defining
regional variation in AE. Supported by additional
evidence, the true voicing of voiced stops studied here
has a potential to become one of them.
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ABSTRACT
In large urban cities, children typically grow-up in a
diverse multicultural environment. Depending on
their local language environment, children are often
exposed to regional as well as foreign-accents. This
study investigated whether children’s accent
processing is affected by the variability in their
ambient language environment.
English monolingual and Sylheti-English
bilingual children were assessed on their ability to
identify sentences in three accent conditions:
London-English (familiar to all), Sylheti-accented
English (only familiar to the bilinguals), Spanishaccented English (unfamiliar to all). All children were
most accurate in the London-English accent
condition, however the groups differed with their
dominant familiar accent: the monolinguals were
more accurate at recalling the London-English
sentences than the bilinguals, and the bilinguals were
more accurate in the Sylheti-accented condition than
the monolinguals.
The results suggest that variation in linguistic
experience in early life, give rise to differences in the
processing of familiar and unfamiliar accented
speech.
Keywords: accented speech, sequential bilinguals,
speech perception, word recognition.
1. INTRODUCTION
Within large urban centres, such as London, U.K.,
children are often exposed to more than one language
as well as different regional and foreign accents.
Within the same city, however, children can have
vastly different linguistic experiences. For example,
in some London boroughs, native monolingual
children primarily encounter their local variety of
English e.g., Multicultural London English [MLE; 8]
as well as some foreign-accented speech. Yet, in
neighbouring boroughs, there are dense immigrant
communities where bilingual children will be
exposed to their heritage language as well as heritagelanguage-accented varieties of the host country’s
language [23]. In turn, when these children start
school, their immediate language environment will
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not only include an additional language but also
different varieties of the host country’s language,
some of which may be unfamiliar. In order to
communicate effectively, these children must learn to
deal with this variation. To date, we know very little
about this process, with the majority of research being
on adults, and research with children mainly
focussing on monolinguals [6, 7, 28, 29].
Research with adults has shown that accented
speech, both regional and foreign, affects the speed
and accuracy of processing [10, for a review].
Listeners have been shown to be slower at lexical
decision tasks [14] and evaluating whether a sentence
is true or false [1], and less accurate at transcribing an
unfamiliar accent [16]. These effects have been
shown to be exaggerated in background noise [9].
With exposure, however, adults are able to adapt to
an unfamiliar accent [1, 27]. For example, British
English speakers who had lived in the US were better
at processing American English speakers’ flapped
medial /t/ productions [ɾ], e.g., in city, where they
would typically have [t], than those who had not [27].
What work there is with children suggests that the
ability to adapt to and/or use variation in speech
processing develops relatively late. For example,
although infants and young children are able to
categorize talkers according their accent, they can
only do this when the differences are large, i.e., home
vs. foreign-accented speech [12, 13, 17, 27].
Likewise, adult-like accuracy with accented speech in
quiet and noise seems to develop slowly, only
emerging in late adolescence [4, 25].
However, recent research suggests that the
immediate language environment also plays a role in
how and when children develop the ability to deal
with variation. For example, young children have
been shown to be better at recognizing different
accents when they have one parent with a regional
accent that is different from the home community
[17], and those with more experience with regionallyaccented speech have been found to be better at
adapting to an unfamiliar regional, but not foreignaccented speech [19]. Likewise, those growing up
multilingually in a diverse, urban community where
they were exposed to a lot of talker and accent
variation were better able to categorize speakers
according to their accent than their monolingual peers

[12]. This suggests that more varied input can lead to
more sophisticated accent processing earlier in
development, perhaps because children had not only
developed the ability to track acoustic-phonetic
differences between talkers, but had also developed
an understanding of how patterns of variation were
used meaningfully within their community [12].
The current study further explores the role of
variation in children’s language environment on their
ability to comprehend accented speech in quiet and
noise. Specifically, we investigated whether being
exposed to a heritage language as well as heritagelanguage-accented varieties of the host country’s
language gives rise to better processing accuracy with
familiar and unfamiliar accented speech. To do so, we
tested two groups of inner London children: SylhetiEnglish sequential bilinguals from the Bangladeshi
community in the London borough of Tower
Hamlets, and monolingual English children from the
London borough of Islington. Given the multilingual
and multidialectal nature of London, all children had
been exposed to regional and foreign accented
varieties of English. The bilinguals, however, are
from a more homogeneous community, in that the
local population are primarily Bangladeshi heritage.
The dominant foreign accent for these children will
therefore be Sylheti-accented English of different
levels, i.e., depending on the speaker, first-generation
grandparent vs. second-generation sibling, for
example [22]. These children will likely have to
navigate Sylheti-accented English in the home and
community, as well as varieties of London English,
including MLE and Popular London [8, 30]. The
English monolinguals, although likely exposed to
some foreign accents, will be exposed predominantly
to varieties of London English in the home and local
community, with the predominant variety within this
particular community being Popular London.
2. METHOD
2.1. Participants
Participants were fifty-six 6-7 year-old children from
inner London (29 Sylheti-English sequential
bilinguals, 27 monolingual English). The SylhetiEnglish bilinguals were from the London borough of
Tower Hamlets. The monolingual English children
resided in the London borough of Islington with no
previous exposure to Sylheti or Sylheti-accented
English. All children had no previous exposure to
Spanish or Spanish-accented English. All children
passed a hearing screen and had no reported speech
and language delay. To minimise the influence of
lexical knowledge on the speech perception task, the
bilinguals and monolinguals were matched for
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English receptive vocabulary using the British Picture
Vocabulary Scale [11].
2.2. Stimuli
Ninety-six sentences from the Bamford-KowalBench sentence list [3] were selected and recorded by
two female speakers per accent: Popular London,
Sylheti-accented English, and Spanish-accented
English (6 speakers in total). Each sentence contained
3 key words e.g., “The house had nine rooms” with
32 sentences selected for presentation in each accent.
Sentences were selected to contain 2-4 instances of
key segmental features for the given accent. For
example, the London accent contained instances of /l/
vocalisation, the Sylheti accent contained clear /l/,
and the Spanish accent contained instances of trilled
/r/. The London accent was familiar to all children,
the Sylheti accent was only familiar to the bilingual
children, and the Spanish accent was unfamiliar to
both groups, but contained similar accent features to
the Sylheti accent e.g., FLEECE, /iː/ and KIT, /ɪ/, were
merged such that they were both produced with the
same vowel, /i/.
2.3. Procedure
Children were presented with sentences, blocked for
accent and noise, resulting in six conditions: Popular
London in quiet, Popular London in noise, Sylhetiaccented in quiet, Sylheti-accented in noise, Spanishaccented in quiet, and Spanish-accented in noise. For
the noise condition, sentences were embedded in
speech-shaped noise at 0dB. The order of the blocks
was counterbalanced across participants, and the
order of presentation of the stimuli was randomized
within and between each condition. This gave 16
sentences per condition (48 key words), with 8
sentences randomly assigned to each of the 2 talkers.
Children were tested individually in a quiet room
in school. Sentences were presented over headphones
(Sennheiser HD 25) at approximately 67 dB via a
Macbook, using a custom-designed experimental
interface running in Matlab [20]. Children were
instructed to repeat the sentences they heard and
encouraged to guess if they were unsure. They only
heard each sentence once and were not given any
feedback. The experimenter recorded keyword
accuracy via the experimental interface.
2.4. Analysis
The children’s keyword accuracy for each accent
(Popular London, Sylheti-accented, Spanishaccented) in each condition (quiet, noise) was
calculated in terms of number of key words correct.

Keyword responses that included morphological
errors were scored as correct.
The statistical analysis was run using R [26]. For
linear mixed-model analyses the lmer function in the
lme4 package [2] was used, with type II analysis-ofvariance tables calculated using the package CAR
[15], and the ‘lsmeans’ package [18] was used for
post hoc tests.
3. RESULTS
To compare children’s performance in the different
conditions, we conducted a linear mixed effects
model. In the analysis, number of key words correct
was the dependent variable. The model included
language group (monolingual, bilingual), accent
(Spanish, Sylheti, Popular London), and noise (quiet,
noise) as fixed factors, and participant as random
intercepts.

KEY WORDS CORRECT

Figure 1. Boxplots of the children’s’ keyword accuracy
in the three accent conditions. The shaded boxplots are
the noise condition, the plain counterpart is the quiet
condition.

London
Sylheti
Spanish
ENGLISH MONOLINGUALS

SYLHETI-ENGLISH BILINGUALS

The results showed a significant main effect of accent
(χ2(2)=383.5, p <.001) and noise (χ2(1)=1273.1, p
<.001), and interactions between group and accent
(χ2(2)=22.1, p <.001), and accent and noise
(χ2(2)=97.6, p < .001). As shown in Figure 1, all
children performed worse in noise (M = 27) than in
quiet (M = 43) (p < .05), as expected. Overall, all
children performed best with the Popular London
accent in quiet (M monolingual = 47, M bilingual =
45). There was no difference between the groups:
both monolingual and bilingual children performed
similarly (p > .05). In noise, they also all performed
best with the Popular London accent (M monolingual
= 38, M bilingual = 34), though the monolinguals
were significantly more accurate than the bilinguals
(p < .05).
In the Sylheti-accented condition, bilinguals were
more accurate than monolinguals in quiet (M
monolingual = 40, M bilingual = 45, p < .05),
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however the groups did not differ in their
performance in noise (M monolingual = 20, M
bilingual = 22, p > .05). For the Spanish accent, there
were no significant differences in performance: both
groups performed similarly in quiet (M monolingual
= 40, M bilingual = 39) and in noise (M monolingual
= 23, M bilingual = 23) (p > .05). Interestingly,
however, bilinguals performed significantly better
with the Sylheti accent than the Spanish accent (p <
.05), but the monolinguals performed similarly with
both.
4. DISCUSSION
The aim of this study was to explore the role of
linguistic experience in the processing of familiar and
unfamiliar regional and foreign accents, by bilingual
and monolingual children. Recent research has
suggested that multilingualism and increased
exposure to talker and accent variability affects
development of accent categorization, such that
children growing up in diverse communities may
develop the ability to extract, store and use talker
variation in speech processing in a more fine-grained
way, earlier in development [12, 17]. We were
interested in whether or not this might also affect
comprehension, such that children who are exposed
to more variation might be better able to understand
unfamiliar accented speech, here, Spanish-accented
English. To investigate this, we assessed
comprehension in quiet and noise in sequential
bilinguals, who are regularly exposed to a foreign
accent in their community, and compared their
performance on familiar and unfamiliar regional and
foreign accents with that of inner London
monolinguals, who were exposed predominantly to a
single accent of their native language, Popular
London English.
As expected, all children were more accurate in
quiet than noise [cf. 6]. In quiet, children performed
best with their familiar accents [6]. The monolinguals
were most accurate in the Popular London accent
condition, and bilinguals with both the Popular
London and Sylheti-accented talkers. The
monolinguals performed significantly worse with
both foreign accents than with the London accent.
However, although monolinguals performed more
poorly than the bilinguals in the Sylheti-accented
condition, this was not the case for the Spanish
accent: both groups performed similarly poorly. The
bilinguals experience with foreign-accented speech
did not therefore seem to generalize to an unfamiliar
foreign accent [see also 19]; they performed
significantly more poorly with the Spanish accent
condition than their familiar foreign accent, SylhetiEnglish, and performed similarly to the monolinguals

with Spanish-accented English. This is in contrast to
findings from accent categorization tasks which have
shown that children aged 5-7yrs, growing up
bilingually in a diverse, multilingual community
develop sensitivity to accent variation earlier in
development than monolinguals, who are only able to
categorize talkers when the differences between them
are maximized (e.g., home accent vs. an unfamiliar
foreign accent [12]). One possibility is that these
bilinguals had not had as much experience with
different talkers and accents as those in that study.
Although also from inner London, our sequential
bilinguals were predominantly exposed to a single
dominant foreign accent, Sylheti-English, alongside
varieties of London English, in particular MLE and
Popular London. Thus, the nature of their
environment may not have provided them with the
variation needed to develop the detailed and robust
enough representations required to generalize their
processing skills to other accents.
Another possibility is that differences in
bilinguals’ performance on categorization and
comprehension tasks reflects the different demands of
the tasks. Although accent categorization tasks in
which children learn to associate a particular accent
with a character or puppet are cognitively demanding,
and stimuli are presented in quiet, children may be
able to do the task without understanding every word.
However, in order to succeed in a sentence
comprehension task, children need to match the
incoming signal to their own underlying lexical
representations to achieve lexical access for all of the
words [6, 7] and then remember the sentence in order
to be able to repeat it. This may have reduced the
cognitive resources available for processing the
unfamiliar foreign accent, such that bilingual children
were not at any advantage in comparison to their
monolingual peers (cf. [6]).
In noise, we found a different pattern of results. As
might have been expected, all children were most
accurate with the Popular London accent, and as has
been shown in studies with adults, noise had a greater
masking effect for the foreign accents [4]. The
bilinguals, however, were less accurate than the
monolinguals in Popular London in noise and lost
their advantage for the Sylheti accent. One possible
explanation for this could be that there are differences
in more general linguistic skills between the two
groups. The children were matched for receptive
vocabulary, so it is unlikely that lexical knowledge
was driving the differences. However, recent research
has shown differences in phonological processing
skills
between
sequential
bilinguals
and
monolinguals [21, 23]. For example, Sylheti-English
bilinguals have been shown to have poorer English
nonword repetition than their monolingual English
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peers, specifically for words that contain illegal
phonotactics in Sylheti [24]. Such differences may
have resulted in poorer speech processing in adverse
listening conditions in the bilingual children. Another
possibility then, is that although our bilinguals were
more familiar with the Sylheti-accented speech, this
may not have extended to giving them an advantage
in adverse listening conditions.
5. CONCLUSION
This study has shown that early experience with
variation gives rise to differences in the ability to
understand accented speech. Children appear to
develop to be specialized for the accents they hear
most within their immediate community, supporting
the idea that children’s representations are initially
influenced by their core set of experiences with their
home accent(s). However, all children are highly
susceptible to environmental degradation. Further,
environmental differences may result in different
developmental trajectories for different processing
skills; whilst bilinguals perform better than
monolinguals in accent categorization tasks, they
appear to be more adversely affected by noise than
monolinguals. Further research is needed to establish
whether or not this might be linked to differences in
the development of phonetic and phonological
representations, and/or general cognitive processes.
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ABSTRACT
To date, much is still unknown about the acquisition
of sociophonetic variation. This paper presents an
acoustic-phonetic analysis of the English diphthongs
FACE and PRICE in the spontaneous speech of
adolescents and children who are acquiring
Multicultural London English (MLE). The
diphthongs are analysed in terms of their first and
second formant frequencies at onset, and trajectory
length. We find that the children show similar onset
formant frequencies for the two diphthongs as the
adolescents, suggesting that both age groups have
acquired this feature of the MLE diphthongs. We also
found differences between the age groups:
specifically, the adolescents show a more
monophthongal realisation of both diphthongs than
the children. Taken together, these findings indicate
that within this community MLE is acquired early in
life, but that the adolescents are in possession of a
more focused speech variety than the children.
Keywords: Diphthongs, acoustic-phonetics, London
English, sociophonetic acquisition.
1. INTRODUCTION
Urban cities such as London, U.K., offer a unique
opportunity to study the emergence of new language
varieties [5, 32]. With increased immigration, these
cities are often made up of complex multilingual and
multidialectal communities. Children who grow up in
such cities are typically exposed to speakers from
many different language backgrounds. The emerging
contact variety in such cases will likely be influenced
by speakers from multiple heritage language
backgrounds, with the new variety emerging from a
“feature pool” of different input languages [24]. Such
varieties are termed multiethnolects [6, 20, 25]. One
such multiethnolect is Multicultural London English
(MLE), developing in East London [5].
The majority of multiethnolect research has
focused on adolescents, as most studies of language
change in progress have typically found that
adolescents use the highest rates of innovative
variants [19]. Although children are recognized as
playing an important role in new language and new
dialect formation [15, 17], little is known about their
role in the development of multiethnolects. Children
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have been shown to acquire stable sociolinguistic
variables, such as the deletion of apical stops in final
clusters, from caregivers even by age 4 [22]. But
where there is a difference between caregiver speech
and community norms, studies have suggested that
children initially acquire the accents or dialects of
their caregivers, and only show signs of local
community sociolinguistic variation at the age of 8-9
[17, 13]. In contrast, a study in London found that
children aged 4-5 already showed the same vowel
system as adolescents in their community [5]. The
authors suggested that the multilingual nature of the
community led the children to orient to their peers as
a target for language acquisition at an earlier age than
has been found in more monolingual communities.
This paper reports on a project whose aims were
twofold: to see if MLE has diffused beyond East
London, to West London; and to see if young children
there appear to be acquiring MLE. MLE is supposed
to have emerged in East London, where local heritage
languages include Sylheti, Turkish, and African and
Caribbean varieties of English. The West London
fieldsite, by contrast, has significant Somali, Polish
and Irish populations. In this paper, we compare the
children’s vowel production in English to that of the
adolescents. Indeed, if MLE emerges through indirect
language contact among children [5, 31], and if West
London adolescents are participating in the diffusion
of MLE across London, we might expect stark
differences in the productions of the children and
adolescents in this study.
The variables for this study are the diphthongs
FACE, /eɪ/, and PRICE, /aɪ/ [30]. These diphthongs
have been the focus of previous studies of MLE, and
the changes in the diphthong system are thought to be
the most salient feature of MLE [5, 11, 16, 18]. Here,
FACE and PRICE are analyzed both in terms of the
position of the onset, and vowel dynamics, i.e. how
diphthongal or monophthongal the vowels are [14].
Previous research has shown that MLE adolescent
and child speakers show “reversal of Diphthong
Shift”, i.e. the onsets of FACE and PRICE shift anticlockwise in the vowel space; and in terms of
dynamics, MLE adolescent speakers show
monophthongization of these diphthongs [16].

2. METHODOLOGY
2.1. Participants

The child participants were aged 5-7 years (N=14, 7
female, 7 male). They were at school together in an
area of West London, and all lived within the
borough. The adolescent participants were aged 16–
19 years (N=14, 7 female, 7 male). They were
recruited and interviewed at a youthclub near the
primary school. All adolescent participants were born
in the UK except for one boy who arrived aged 3
years. All child participants were born in the UK
except for one girl who arrived aged 3. All
participants except three adolescent girls and one
male child had exposure to at least one language other
than English at home. These languages included Irish,
Somali, Patwa, Farsi, Lingala, Arabic, Swahili,
Portuguese, Urdu and Tamil.
2.2. Procedure

The adolescents were interviewed in pairs in a quiet
space in their youthclub, using a Zoom H4 recorder
with Audio-Technica lavalier microphone (sampling
rate 44,100Hz, 16-bit resolution). The children were
recorded using the same equipment. The children
were recorded doing a modified Diapix task [1, 12].
In addition to FACE and PRICE, tokens of the point
vowels FLEECE, TRAP, LOT and FOOT were elicited in
order to map the boundaries of participants’ vowel
spaces. The target vowels and the keywords used to
elicit them in the Diapix task are shown in Table 1.
These were controlled for age of acquisition, word
frequency and imageability, and selected from [21,
29]. The images representing the keywords were
taken from standardised databases [7, 28].
Table 1: Keywords used in the Diapix task

Diphthongs
Vowel
Keyword
FACE
Cake
Baby
Gate
Table
PRICE
Kite
Five
Spider
tiger

Point vowels
Vowel
Keyword
FLEECE
Sheep
Cheese
FOOT
Football
Book
LOT
Dog
Sock
TRAP
Cat
Hat

F1 and F2 frequencies were extracted using handcorrected LPC analyses, and these were taken at the
20% and 80% duration points of the diphthong [10].
For the point vowels, F1 and F2 measurements were
taken at the midpoint. 1614 tokens of FACE were
analyzed (523 child data; 1091 adolescent data) and
2339 tokens of PRICE (704 child data, 1635 adolescent
data). Five tokens per speaker for each of FLEECE,
TRAP, LOT and FOOT were analyzed. The vowel
tokens were normalized using the Watt-Fabricius
method [8] in R [25].
FACE and PRICE were analyzed in terms of the first
and second formant frequencies. An MLE realization
of FACE is indicated by a lower F1 at onset, i.e. more
close realization [16]. For PRICE, MLE shows a more
front onset diphthong, i.e. higher F2 [16]. MLE shows
monophthongization of both these diphthongs, i.e. the
change in F1 and F2 from onset to offset is less [16].
Therefore, two measures were important for the
analysis of the diphthongs:
1. Onset F1/F2 frequency, defined as the first or
second formant frequency at the 20% time point
2. Trajectory length, calculated as Euclidean
distance in the F1 and F2 dimensions between
the 20% and 80% time points. This is the same
as VL as defined by [10].
3. RESULTS
Separate mixed-effects linear regression models were
run using lme4 [2] for the onset F1 of FACE, the
trajectory length of FACE, the onset F2 of PRICE, and
the trajectory length of PRICE. Fixed effects were age
(binary: child or adolescent), gender and the duration
of the vowel segment (log-transformed), while
participant and word were included as random
effects. Interaction terms were also included for age
and gender, as it was expected that the adolescent
boys would lead with respect to the MLE-related
changes [5], and for duration and age, as
impressionistically, it seemed that the nature of the
Diapix task led children to produce words slowly and
clearly. Subsequently type III analysis-of-variance
tables were generated using the CAR package [9].
3.1. MLE diphthongs

2.3. Analysis

The recordings were transcribed in ELAN and forcealigned using FAVE [27]. Vowel tokens were
manually segmented in Praat [3]. Measurements of
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An initial look at the vowel space (shown in Figure 1)
indicates that the adolescents and children appear to
have acquired MLE FACE and PRICE, in terms of the
position of the diphthong onsets in the vowel system.
The onset of PRICE overlaps with TRAP, as indicated
by the overlapping ellipses. Similarly, the onset of
FACE is close, as indicated by its proximity to FLEECE.
The following sections will examine the onset
formant frequencies of the adolescents and children,

and compare the two groups with respect to trajectory
length.

Figure 3: Boxplots of normalized trajectory of FACE by age
and gender.

Figure 1: Vowel plot of the mean normalized onset F1 and
F2 frequencies, aggregated by gender and age group. 95%
Confidence intervals represented as ellipses.

3.3. PRICE

3.3.1. F2 onset
3.2. FACE

3.2.1. F1 onset
The model revealed a significant main effect of
duration on onset F1 (c2(1)=29.97, p<0.001),
indicating that on average, tokens with a longer
duration also had a higher F1 at onset, i.e. were more
open at onset. Neither age, gender, nor their
interactions with each other or duration were found to
be significant (all p> .05). This suggests that there are
not substantial differences between the two age
groups nor between males and females in the onset of
their FACE diphthongs.

For PRICE F2 onset, the model revealed a significant
main effect of duration (c2 (1)=51.93, p<0.001),
indicating that the longer the duration of the vowel
segment, the lower the F2 at onset tends to be. Age
and duration showed a significant interaction (c2
(1)=14.62, p<0.001): an increase in vowel duration
decreases the F2 at a steeper rate for the children than
for the adolescents. Age on its own was not
significant, meaning that children and adolescents do
not differ significantly in their realization of the onset
of PRICE. Gender and its interactions were not found
to be significant.
Figure 4: Boxplots of normalized F2 onset of
age and gender.

PRICE

by

Figure 2: Boxplots of normalized F1 onset of FACE by age
and gender.

3.3.2. Trajectory
3.2.2. Trajectory length
As regards trajectory, there was a significant main
effect of duration (c2 (1)=44.73, p<0.001): a longer
vowel duration predicts a longer trajectory, i.e. a more
diphthongal realization of FACE. Age was not found
to be significant, nor the interaction between age and
duration, nor gender.
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For the PRICE trajectory, there was a significant main
effect of duration (c2 (1)=155.24, p<0.001), with a
longer duration predicting a longer trajectory, i.e. a
more diphthongal realization of PRICE. There was
also a significant main effect of age (c2 (1)=41.37,
p<0.001). This means that adolescents have a shorter
trajectory for PRICE than the children, when duration
is kept constant. Therefore, adolescents show a more
MLE-like realization of PRICE in terms of

monophthongization. The interaction between age
and duration was not found to be significant. Neither
gender nor its interactions were found to be
significant.
Figure 5: Boxplots of normalized trajectory of
age and gender.

PRICE

by

4. DISCUSSION
The key question for the study was whether the
children would show signs of acquiring the same
system as the adolescents. The results for both FACE
and PRICE indicate that the children show similar
production patterns to the adolescents in terms of the
onset formant frequencies: the analyses confirmed
that adolescents and children do not differ
significantly with respect to the F1 at onset of FACE,
nor with respect to the F2 at onset of PRICE. This
offers support for Cheshire et al.’s [5] suggestion that
in highly multilingual communities where many
children are acquiring English as a second language,
children adopt the linguistic norms of their
community at an early age. This is in contrast to
studies in more monolingual communities, which
found that children initially acquire sociolinguistic
variation from their caregiver, and only adopt
community language features at around age 8-9 [13,
17].
Moreover, we found the same pattern as Cheshire
et al. [5] in a different area of London, where a
different array of heritage languages are spoken
locally. This suggests that the pattern is indeed related
to community multilingualism, and may not be
dependent on the particular heritage languages
involved. To explore this further, more research is
needed on other multilingual communities, as well as
comparative studies on specific heritage language
groups within the same community.
We also investigated children’s acquisition of the
ongoing change of monophthongization of the
diphthongs FACE and PRICE. The findings from the
analysis of diphthong trajectory length show that the
adolescents had a noticeably more monophthongal
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PRICE vowel than did the children, but the two age
groups did not differ for FACE. This means that in
terms of trajectory length, the adolescents had a much
more MLE-like realization of PRICE. This indicates
that a diphthongal production of PRICE is acquired
first,
and
the
incoming
change
of
monophthongization appears later. Again, it would be
useful to have further research into the input these
children receive, so as to know whether they are
exposed to a diphthongal PRICE-like vowel in their
caregivers’ speech.
Why is there an age difference in
monophthongization of PRICE, but not FACE? Prior
literature on MLE does not compare the vowel
dynamics of young children and adolescents, so we
cannot say whether there is a precedent for this
finding. However, the difference between FACE and
PRICE is reminiscent of Cheshire et al.’s (2011)
findings for the GOOSE vowel. GOOSE-fronting is a
globally diffusing change. They found that the
positions of FACE and PRICE in the vowel space of 45 yr olds were similar to those in the speech of
adolescents in the same community, yet the
adolescents had a much fronter GOOSE vowel than the
4-5 year olds (Cheshire et al. 2011). As with Cheshire
et al.’s (2011) findings, it could be the case in the
current data that the anticlockwise movement of FACE
and PRICE is an endogenous change – e.g. due to the
role of universals in language contact – while
monophthongization of PRICE is a change diffusing
across London.
We intend to build on these findings by exploring
other diphthongs in the children’s production; this
may shed light on whether PRICE is an anomaly here,
or whether there are general differences in children’s
acquisition of “reversal of Diphthong Shift” vs. the
acquisition of monophthongization [16].

5. CONCLUSION
The present study compared FACE and PRICE in the
speech of adolescents and children acquiring MLE.
The children did not differ significantly from the
adolescents in terms of their onset formant
frequencies for FACE and PRICE, nor in terms of
monophthongization of FACE, indicating that even by
age 5-7, they have acquired incoming changes in their
community. The adolescents and children differed
only in one feature, the monophthongization of PRICE.
Taken together, these findings suggest that MLE is
acquired early in life. Further research is needed to
explore the role of caregiver and peer input in the
acquisition process.
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ABSTRACT

Among some populations of recent immigrants to
the United States, such as Korean Americans, there
is a social category that distinguishes childhood immigrants from those who were born and raised in the
United States. Native-born Korean Americans are
considered to be “second generation”, while those
who were born abroad but moved with their families when they were young are called “1.5 generation”. According to [12], the cultural differences between second and 1.5 Korean Americans (KAs) can
be very pronounced. As for English acquisition, 1.5
generation Korean Americans have a reputation for
speaking with a perceptible accent, but this is in part
because the category itself is rather broad, encompassing childhood and adolescent arrivals ([15]).
This study samples the demographic of young
bilingual Korean Americans who were raised in California. California English is known for an ongoing
vowel shift described in [2] as including fronting of
high back vowels /u/ and /oU/ (GOOSE and GOAT, respectively). Although these sociophonetic variables
are most strongly associated with White speakers,
non-White Californians do make use of them. In
[7], for example, Chinese American English speakers in San Francisco are at least equal to their white
counterparts in rates of GOOSE-fronting, and could
possibly be leading the change.
In addition, while [8] found that gender plays a
small role in the propagation of the California Vowel
Shift, which corroborates the generally accepted
phenomenon of females leading sound changes from
below (see [9, 14], but also [1]), it is not known
whether this gender effect extends to sound change
acquisition in L2 speakers. L2 acquisition studies
such as [15] do not normally consider gender as a
relevant variable, but with this specific population
and the sound change in question, a sociolinguistic
lens becomes necessary. Given that gender and ethnicity do play a role in sound change, while generational status plays a role in language acquisition, the
current study tests Korean Americans’ speech to see
whether there is any influence of AOA, generational
status, or gender on back vowel fronting.

Age of arrival (AOA) has been shown to predict successful L2 phonological acquisition among transnational bilinguals: the earlier acquisition begins, the
more native-like the L2 phonology. AOA studies
have been submitted as evidence for the Critical Period Hypothesis. However, recent research explains
the AOA effect through other sociolinguistic factors
that may be correlated, such as quality of L2 input.
This study examines a population of KoreanEnglish bilinguals, grouped by AOA and generational status. It is hypothesized that the earlier the
AOA, the more likely a speaker is to participate in
back vowel fronting, part of the California Vowel
Shift. Natural speech data taken from bilingual interviews shows that AOA has, in fact, no effect on
back vowel fronting, although gender does. Second generation Korean Americans (L1 English) and
early childhood immigrant Korean Americans (L2
English) behave almost the same with respect to this
sound change of California English.
Keywords: L2 acquisition, California Vowel Shift,
age of arrival
1. INTRODUCTION
When it comes to learning a second language by
moving to a new country, many studies have shown
that the age of arrival (AOA) plays a crucial role in
successful phonological acquisition. The earlier acquisition begins, the more native-like the L2 phonology will be (see [4], [6], and [15], among others).
Some interpret this as evidence for a critical period of L2 acquisition, after which children or young
adolescents lose the ability to “natively” acquire a
second language. However, even [4] originally acknowledged that AOA alone cannot always account
for the linguistic behaviors observed, in particular
when confounding factors such as amount and quality of L2 input are controlled for (see [10] and [3]).
In light of more nuanced approaches to childhood
L2 acquisition, AOA has not held up so well.
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2. METHODS

Figure 1: Fronting scores for all subjects, ordered
by AOA. On the left are US-born second generation KAs; on the right are “1.5 generation” KAs.
No significant effect of AOA was found.

Twenty-three Korean Americans were recruited to
participate in an hour-long bilingual interview,
which took place on the campus of a Northern California university. Speakers who were born and
raised in the United States were categorized as “second generation (2G)”, with a default AOA of 0.
Speakers who were born in South Korea and moved
to the United states between the ages of 3 and 10
were categorized as “1.5 generation (1.5G)”. All
the interviews were transcribed and automatically
aligned using the Penn Forced Aligner [16]; data
from twenty-one speakers (14 female) are presented.

Fronting of GOAT

norm (/i/-/oʊ/) F2

4

Table 1: Subjects by gender and AOA

Gender
Female
Male

2G
7
5

3

2

1

0

1.5G
7
2

subject (by AOA)
Generation

Following the procedure in [13], all vowel formant measurements were normalized as in [11];
then, tokens of GOOSE and GOAT vowels were extracted from their speech. The second formant (F2)
of each token was measured, then subtracted from
the per-subject mean F2 of the anchor vowel /i/ (as
in FLEECE) to obtain a “fronting score” for each lexical item for every subject (totaling about 100-150
tokens per vowel per subject). Higher scores indicate a greater distance between FLEECE and the back
vowel (i.e., less fronting), while lower scores indicate a closer distance between FLEECE and the back
vowel (more fronting).
Figure 1 shows each subject’s fronting score for
GOAT . The subjects are ordered on the x-axis in
increasing AOA, with 0 on the left and 10 on the
right. It is immediately clear that there is no significant pattern to the data based on AOA. However, it is
also apparent that the male speakers (darker boxes)
had lower scores than the females (lighter boxes).
Thus, an analysis of variance with a random effect
for subject was run to test the effects of AOA and
gender on GOAT-fronting. The results are in Table 2.

1.5G

Figure 2: Fronting scores for
grouped by generation.

Age.imm
Gender
Age.imm:Gender
Residuals

Female

Male

GOAT ,

subjects

Fronting of GOAT
4

norm /i/-/oʊ/ F2

3

2

1

0

-1
1.5 generation

F
0.239
136.211
15.083

Gender

Gender has a significant effect on GOAT-fronting
(F(1,17)=136.211, p<0.001). However, contrary to
the hypothesis, AOA had no effect on GOAT-fronting
(F(1,17)=0.239, p=0.63). There were similar null results for AOA for GOOSE: F(1,17)=1.828, p=0.19.

Table 2: ANOVA of AOA (labeled as “Age.imm")
and gender for /oU/ (GOAT)

Df
1
1
1
17

2G

Generation

Gender

p
0.63119
1.54e-09 ***
0.00119 **

Female

2nd generation
Male

To test for a possible effect of generational group,
another analysis of variance was run to test Generation and gender. The data is demonstrated in Figure
2, and test results are in Table 3. As with AOA, gen-
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erational group did not have a significant effect on
GOAT -fronting, while gender remained a significant
factor.
Table 3:
(GOAT)

Table 4:
(GOOSE)

ANOVA: Generation, Gender, /oU/

Generation
Gender
Generation:Gender
Residuals

Df
1
1
1
17

F
1.766
99.884
6.753

Generation
Gender
Generation:Gender
Residuals

p
0.2014
1.56e-08 ***
0.0187 *

Figure 3: Fronting scores for
grouped by generation.

GOOSE ,

subjects

Fronting of GOOSE
4

2

0

1.5 generation

Generation

Gender

Female

Df
1
1
1
17

F
4.598
17.606
4.365

p
0.046752 *
0.000607 ***
0.052033

among early childhood immigrants was not supported. Not only was AOA not a significant predictor of back vowel fronting, generational status as
second generation or 1.5 generation was also not a
significant predictor. In sum, compared to one another, second and 1.5 generation Korean Americans
behaved almost exactly the same with respect to this
part of the California Vowel Shift.
It is important to note that the speakers categorized as 1.5 generation were all early childhood immigrants with AOA of 10 or earlier. Without data
from speakers who immigrated in early or late adolescence (who would still be socially categorized as
1.5 generation), these findings neither directly support nor refute the findings of [4] and others that
AOA is correlated with L2 phonological ability.
However, earlier studies of Korean Americans
have chosen different methods of grouping and analysis. [15], for example, found that when judged on
their accent by native monolingual English speakers, Korean-English bilinguals clustered in four age
groups: AOA 1-5, AOA 6-9, AOA 10-13, and AOA
14-23. The current study finds no significant difference between second generation (AOA 0) and
1.5 (AOA 3-10, which overlaps with several of the
groups in [15]). More importantly, past studies of
Korean-English bilinguals either focus on metalinguistic judgments of accent or prosodic variables
in carefully produced laboratory speech, rather than
segmental variables extracted from natural speech,
which is the focus of this study.
As noted before, second language acquisition
studies also tend not to factor in speaker gender as
an explanatory variable for linguistic phenomena.
But from the purview of sociolinguistics, it is unsurprising that speaker gender was the most (and
sometimes only) significant factor for back vowel
fronting. However, the directionality of the effect
raises some questions. The expectation is for sound
changes in progress to be led by younger female
speakers; in this case, it was always the male speakers who showed greater back vowel fronting. It is
possible that the relatively low number of male participants in the study has led to this result. More

This pattern was the same for GOOSE, albeit
slightly less significant, as seen in Figure 3. In addition, the interaction effect observed between gender and generation for GOAT was not observed for
GOOSE . For GOAT , it would seem that 1.5 generation males led in fronting, followed by second generation males, then second generation females, and
finally 1.5 generation females. However, given the
small sample size for 1.5 generation males, it would
be unwise to draw generalizations from the interaction effect. It is safest to conclude that for GOAT
and GOOSE, males participate in fronting more than
females (Table 4).

norm /i/-/u/ F2

ANOVA: Generation, Gender /u/

2nd generation
Male

3. DISCUSSION
The hypothesis that an earlier AOA would correspond to increased rates of back vowel fronting
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status, Korean Americans participate in the back
vowel fronting phenomenon of the California Vowel
Shift, with men demonstrating greater fronting than
women.
More research is suggested in the domain of other
acoustic characteristics of L1 Korean-influenced English that may be found in childhood arrivals, such
as the properties of stops and fricatives. Only with
a fuller picture of 1.5 generation speakers’ phonology will we be able to make definitive conclusions
about the linguistic behaviors of 1.5 generation immigrants and childhood arrivals, and their impact on
community-level sound change.

research must be done to determine if the female
speakers in this demographic are slightly resisting
the sound change or if the male speakers are advancing it, and, either way, what social and linguistic factors are behind this unexpected behavior.
What can we make of the slight disparity between
/u/ and /oU/ in the data? Generational status was a
predictor of GOOSE-fronting, with second generation females participating more, but not of GOATfronting. However, the effect size, as determined by
the F-value, is small. Some studies of the California
Vowel Shift such as [8] have indicated that GOOSEfronting is a better-established characteristic of the
region, compared to the in-progress GOAT-fronting,
and thus it is plausible that the generational difference is related to the robustness of the sound change
in progress. That said, the data do show that speakers as a whole did demonstrate back vowel fronting
(for both GOOSE and GOAT), and the generational
difference was in degree of fronting, not binary acquisition of fronting. No known production studies
of the California Vowel Shift have found significant
differences between the vowels, so perhaps a study
of the perceptual salience of fronted tokens of both
vowels for speakers of both generations could help
us discern whether this weak trend actually supports
a distinction between GOOSE and GOAT.
Finally, in [5] and [7], the proposal that ethnic
minorities may tend not to participate in the sound
changes of the majority (White) language community was rejected with evidence from Chicano English speakers and Chinese Americans in California.
Now, once again, we find evidence that a minority
ethnic group, Korean Americans, are participating
in back vowel fronting, albeit with clear gender differences and no obvious effect of age of arrival on
non-native speakers who immigrated in early childhood.
Since back vowel fronting is only one of several characteristics of the California Vowel Shift,
these findings do not imply that Korean Americans
are fully participating in the entire shift. In addition, there are likely many other acoustic characteristics of Korean Americans’ speech (whether second
or 1.5 generation) that mark or index their ethnic
identity or language background more saliently than
vowels, such as variable use of fricative fortition or
prosody.

5. REFERENCES
[1] Eckert, P. 1990. The whole woman: Sex and gender
differences in variation. Language Variation and
Change 1, 245–267.
[2] Eckert, P. 2008. Where do ethnolects stop? International J. Bilingualism 12(1-2), 25–42.
[3] Flege, J. 2007. Language contact in bilingualism:
Phonetic system interactions. Laboratory Phonology 9, 353–382.
[4] Flege, J., Yeni-Komshian, G., Liu, S. 1999. Age
Constraints on Second-Language Acquisition. J.
Memory and Language 41, 78–104.
[5] Fought, C. 1999. A majority sound change in a minority community: /u/-fronting in Chicano English.
J. Sociolinguistics 3(1), 5–23.
[6] Guion, S. 2005. Knowledge of English word stress
patterns in early and late Korean-English bilinguals. Studies in Second Language Acquisition
27(4), 503–533.
[7] Hall-Lew, L. 2011. The Completion of a Sound
Change in California English. Proceedings of
ICPhS XVII Hong Kong. 807–810.
[8] Kennedy, R., Grama, J. 2012. Chain shifting and
centralization in California vowels: An acoustic
analysis. American Speech 87(1), 39–56.
[9] Labov, W. 1990. The intersection of sex and social
class in the course of linguistic change. Language
Variation and Change 2, 205–254.
[10] Lee, D. 2009. Maturational effects on L2 acquisition. In: Lee, C., Simpson, G., Kim, Y., (eds), The
Handbook of East Asian Psycholinguistics. Cambridge University Press 276–285.
[11] Lobanov, B. 1971. Classification of Russian vowels
spoken by different speakers. J. Acoust. Soc. Am.
49, 744–747.
[12] Park, K. 1999. ‘I Really Do Feel I’m 1.5!’: The
Construction of Self and Community by Young
Korean Americans. Amerasia Journal 25(1), 139–
163.
[13] Podesva, R., D’Onofrio, A., Van Hofwegen, J.,
Kim, S. 2015. Country ideology and the California Vowel Shift. Language Variation and Change
27(2), 157–186.
[14] Woods, N. 1997. The formation and development
of New Zealand English: Interaction of gender-

4. CONCLUSION
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ABSTRACT
This study examines the role of the working memory
and autistic traits in predicting the prosodic
prominence and the perceptual strength of the
prosodic boundaries. Subjects completed the working
memory questionnaire and the autism-spectrum
quotient questionnaire before they participated in two
perception tasks: (a) Rapid Prosody Transcription
Task, where the subjects mark the prominent words
and the prosodic boundaries, and (b) Boundary
Detection Task, where the subjects predict the
upcoming prosodic boundary sizes in English,
Swedish, and Taiwanese. Previous studies showed
that native speakers and L2 learners use different
acoustic measures as predictors of their perception of
prosodic prominence and phrasing. This study takes
intrinsic individual differences into account and finds
that they are not necessarily to be the influential
factors for L2 learners’ prosody perception.
Keywords: working memory, autistic traits, L2,
prosody perception, prominence, prosodic boundary
1. INTRODUCTION
Research on prosodic structures demonstrate that
prosodic prominence and prosodic phrasing are the
two key issues in the production, comprehension and
acquisition of language [20, 24, 27]. Many factors
have been found to contribute to the assignment of
prosodic structures such as the syntactic structure, the
semantic relation, and the pragmatic consideration.
To interpret an utterance correctly, listeners must
understand its prosodic structure by means of the
acoustic cues. For instance, the acoustic cues related
to greater perceived prominence include salient f0
contour, greater intensity, increased segmental
duration, and flatter spectral tilt; speech rate and
phrasal length, on the other hand, would influence
prosodic phrasing in terms of the occurrence and the
strength of the prosodic boundaries [23, 29, 13, 14].
The acquisition of a second language is heavily
influenced by the learners’ first language and their
second language experience [10, 19]. Learners must
learn to perceive the fine prosodic differences and
establish a new system of stress, rhythmic patterns
and intonation when they learn their L2’s prosody.
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According to [8] and [28], L2 learners perceived
syllable prominence like native listeners in most
cases, but when there was a conflict between expected
prominence and produced prominence, the native
speakers appeared to be influenced by their
expectations according to their top-down knowledge
whereas the L2 learners relied more on acoustic cues
than the native speakers. Furthermore, the native and
the non-native listeners attach weights to different
acoustic cues in the listening experiments [18, 30].
The acquisition of a new sound system is often
influenced by the cognitive, social, and psychological
factors. Among the factors, the intrinsic individual
differences are the focus in this study.
The specific goals of this study are: (a) to evaluate
L2 learners’ perception of prosodic prominence and
prosodic boundaries, and (b) to discuss the
correlations between the perceptual results and the
measures of cognitive ability and personality
assessment, namely working memory and autistic
traits.
2. INTRINSIC INDIVIDUAL DIFFERENCES
Among the influential factors that are relevant to
second language acquisition [17], the ones that
emphasize individual differences have gained
growing interest in second language development.
Working memory and autistic traits are of interest
here in that (a) high correlation was found between
language performance and individual differences in
working memory capacity; (b) disordered prosody
was found to be a feature of impaired communication,
and general population with higher level of autistic
traits tended to perceive prosody differently from
those with lower level of autistic traits [1, 9].
2.1 Working Memory

Working memory capacity is essential in performing
L2 language development, L2 learners’ reading
proficiency
and
listening
comprehension
performance [16, 7]. The working memory
questionnaire [26] is a 30-item, self-administered
assessment. The items are divided into three domains
– short-term storage, attention and executive. Each
item is rated on a 5-point Likert scale, ranging from 1
to 5. Higher scores correspond to more difficulties or
more complaints.

2.2. Autistic Traits

Previous studies demonstrated that autistic traits
among general population affect gaze-triggered
attention. Higher level of autistic traits are associated
with variation in a number of speech perception
effects, such as the Ganong Effect, the McGurk
Effect, phonotactic effect, perceptual compensation
for coarticulation, and atypical lateralization. The
autistic traits have also been implicated in variation in
speech production, discourse processing and prosodic
processing [22, 25, 31, 12, 21, 32].
The autism-spectrum quotient (AQ) questionnaire [2]
is a 50-item, non-diagnostic, self-administered
questionnaire designed to assess if adults of normal
intelligence have symptoms typical of individuals in
the autism spectrum. Each item is rated on a 4-point
Likert scale, ranging from 1 to 4. The items are
divided into five dimensions – social skills, attention
to detail, attention switching abilities, imagination,
and communication skills. The communication skills
domain is more related to discourse and has been used
to predict online interpretation of prosody. Thus, the
AQ score in this research refers to the score obtained
from this domain. Individuals with higher AQ score
exhibit weaker sensitivity to prosodic prominence in
a cross-modal priming task [11]. There was an
interaction between the types of the identified pitch
accent and autistic traits; more specifically,
individuals with higher levels of autistic traits
identified fewer pitch accented words. However, the
interaction between autistic trait and prosodic
boundary perception is not apparent [4].
3. METHODS
3.1. Subjects

89 college students (average age: 20.9; 29 male and
60 female) completed two questionnaires and
participate in two perception tasks. They were all ,
who were all Mandarin native speakers, English L2
learners,.
3.2. Procedures

Each subject first completed the AQ and WM
questionnaires and then was seated in front of a laptop
screen to hear stimuli with Praat for the Rapid
Prosody Transcription Task [29]. In this task, subjects
were required to identify prominent words and
locations of prosodic juncture in running speech. The
“prominent” words are defined as “words that the
speaker put emphasis on and highlighted for us
listeners”. The materials were three segments of the
political speech from “Weekly Address” recorded by
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Barack Obama. Two trained phoneticians have
previously annotated the materials using the ToBI
conventions for Mainstream American English [30]
in which prominence (i.e., pitch accent), and prosodic
boundaries (i.e., break sizes) were labelled.
The second perception task (the Boundary
Detection Task) was implemented on E-Prime 3.0.
Subjects heard fragments of Taiwanese (native for
some subjects), English (L2), and Swedish (foreign
language) varying in length (2-second vs. onesyllable long), quality (low-pass filtered vs.
unfiltered) and boundary type (word vs. phrase vs.
sentence) via Sennheiser HD 380 pro headphone at a
comfortable listening level. The unfiltered speech
was extracted from a public speech or an interview
(n=30 in each language). The low-pass filtered
stimuli is adopted for Taiwanese especially to test
whether listeners could perform well with segmental
information removed. The subjects were asked to
predict the upcoming boundary size by pressing the
relevant buttons on the keyboard. Previous studies
showed that listeners made better judgement when
they heard fragments from a foreign language as
opposed to fragments from a familiar language [5,
15]. There were 180 utterances in the stimuli in total
(5 items x 3 Boundary Type x 3 Languages x 2
Lengths x 2 Quality). The correlation between the
perceptual results and the intrinsic individual
measures will be examined.
4. RESULTS & DISCUSSION
4.1. Questionnaires

Score results in Figure 1 showed that listeners’ sex,
native language, and handedness did not lead to
significant difference in AQ and WM scores. In
addition, Shapiro-Wilk normality test showed that
both AQ and WM scores are in normal distribution
and are positively correlated with each other: subjects
with greater level of autistic traits tend to have poorer
working memory capacity.
Figure 1: The correlation between AQ Score and
WM Score

4.2. Rapid Prosody Transcription Task

3]). In other words, working memory and autistic
traits can’t predict the L2 prosody perception.

Subjects are divided into three groups based on their
performance in the AQ score (language ability
specific; not the overall score) and WM score – higher
score means more autistic-like and poorer working
memory capacity. Statistical results showed that
significant difference was found across different pitch
accents (only L*, H* !H*, H*, and L+H* are taken
into consideration in this study) (as illustrated in
Figure 2). Neither AQ score nor WM score were good
predictors of L2 learners’ prominence perception.
Figure 2: Percentage of words identified as
prominent by L2 learners, as a function of ToBI
pitch accent types. The learners were grouped by
their performance in AQ and WM scores.

4.3. Boundary Detection Task

Listeners’ correctness were entered into a series of
two-way repeated measures ANOVA. For Swedish
normal stimuli, significant effects were found in
“Boundary Type” (F(2, 138)=0.679, p < .05),
“Length” (F(1, 69)=17.84, p < .05), and their
interaction (F(2, 138)=17.97, p < .05). For the
Taiwanese normal stimuli, significant effects were
found in “Boundary Type” (F(2, 138)=8.302, p < .05)
and “Length” (F(1, 69)=25.44, p < .05). For English
normal stimuli, significant effects were found in
“Boundary Type” (F(2, 138)=6.121, p < .05) and
“Length” (F(1, 69)=5.321, p < .05). Native speakers
as well as L2 learners and foreign listeners are all able
to tease three boundary types apart. The figures below
are the interaction plots of Correctness (ACC),
Boundary Type, and Length across the three
languages.
Figure 4: The interaction plots of unfiltered /normal
stimuli: b, bb, and n stand for “phrase boundary”,
“sentence boundary”, and “word boundary”
respectively.

Statistical results showed that only “boundary
types” result in significant difference;
questionnaire scores can not help predict the
perception of prosodic boundaries.
Figure 3: Percentage of prosodic boundaries
identified by L2 learners, as function of ToBI
boundary type. The learners were grouped by their
performance in AQ and WM scores.

Previous studies showed that L2 learners and naïve
listeners performed as well or even better than native
speakers when it came to prosody perception task.
However, the correctness in this study on identifying
prominence and boundaries are 11.3% and 15.2%
respectively (cf. native listeners’ 32% and 25% in [6,
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As shown in the figures, the subjects chose more
correct answers when the fragments were longer,
whether the language was their native, L2 or a foreign
language. In addition, the accuracy of detecting the

“word boundary” is relatively high across three
languages. Interestingly, the detection of the “phrase
boundary” in the L2 stimuli (English) seems to be
more accurate than the detection of the “sentence
boundary” which was unexpected.
Figure 5: The interaction plots of filtered stimuli:
b, bb, and n stand for “phrase boundary”, “sentence
boundary”, and “word boundary” respectively.

5. CONCLUSION
In this study, we find that working memory and
autistic traits do not appear to be useful in Rapid
Prosody Transcription Task, whereas they seem to
play an important role in the Boundary Detection
Task. The relation between the perceptual results
(both prominence and phrasing) and the other
domains in the individual difference assessment (e.g.,
attention-related ones) will be examined in future
work.
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ABSTRACT
This study compares the results of a visual cue
association training paradigm with the results of a
previously reported discrimination training paradigm
for learning a non-native vowel contrast. Sixteen
Japanese learners of English completed two 30minute sessions of picture association training:
Trainees were presented, for instance, with the picture
of a ‘ship’ while hearing the word ship, followed by
the picture of a ‘sheep’ while hearing the word sheep,
and had to decide if the two pictures they saw were
the ‘same’ or ‘different’. The results on the cueweighting pre-test and post-test revealed an
improvement in the use of both spectral and temporal
information after training, and this improvement was
comparable to the improvement observed with a
focus on forms discrimination task. Hence, learning
sound contrasts may occur without focus on the
acoustic forms.
Keywords: Phonetic training, Japanese listeners,
English vowels, cue-weighting.
1. INTRODUCTION
Adult second language (L2) learners may struggle
with the perception of novel sounds. While phonetic
training can significantly enhance the perception of
L2 sounds [e.g., 3, 6, 9, 12, 13], this type of training—
whether it involves an identification task or a
discrimination task—requires the listeners to focus on
the acoustic forms. While asking the learners to
specifically pay attention to the target sounds [16] or
to some acoustic features of the sounds [4] further
enhances perceptual learning of L2 sound contrasts, it
is unknown whether learning can occur without focus
on the acoustic forms, and how this learning (if any)
compares with other training methods.
Since the primary auditory cortex is activated
during visual word recognition [8], it is possible that
an association between the visual representation of a
word and its acoustic realization may be forged
through training. Accordingly, the current study
evaluated whether adult L2 learners can learn to
distinguish an L2 vowel contrast using a task that
requires attention to visual cues (rather than acoustic
cues). Specifically, we tested whether Japanese
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speakers could improve their perception of the
English vowel contrast as in ‘ship’ and ‘sheep’
through associations between pictures of the words
and the acoustic forms of the words, while classifying
the pictures that they saw (i.e., they were asked to
disregard what they heard in the headphones). The
audio stimuli consisted of a series of /ʃVp/ tokens that
were varied in terms of vowel duration and formants.
The results of the picture association task were also
compared with the use of a focus on forms AX
discrimination task reported in a previous study [7],
which used the same statistical distribution of the
audio stimuli. This is the first reported experiment in
a planned series evaluating the use of visual cue
association tasks for learning to perceive L2
contrasts.
2. RESEARCH QUESTIONS
Native English speakers rely primarily on vowel
quality (i.e., on changes in the first and second
formant frequencies) to contrast the high front vowels
as in ‘ship’ and ‘sheep’ [2, 5, 10]. Conversely,
Japanese speakers generally rely on vowel duration
instead [5, 14]. Possibly as a result of this difference
in cue-weighting, Japanese speakers have difficulty
properly categorizing the two vowels [15].
Hence, the specific research questions addressed
by the current study were: (1) can Japanese speakers
alter their cue-weighting (i.e., their use of spectral and
temporal cues) towards native English speakers’
performance after picture association training with
the English vowel contrast as in ‘ship’ and ‘sheep’,
and (2) how does the improvement on the picture
association training compare with that of an audioonly (focus on forms) discrimination training.
A comparison of discrimination training versus
identification training (using the same set of stimuli
as the one used in the current study) has demonstrated
that both tasks were equally effective for the creation
of a new vowel category along the spectral dimension
[18]. Accordingly, in this paper the results of the
picture association paradigm are only compared with
the results of the discrimination paradigm, since the
task used for the discrimination paradigm is most
similar to the task used in the picture association
paradigm (i.e., they both use an AX discrimination
task).

release burst duration: 100 ms) were kept constant
across the resulting 28 tokens.

3.1. Participants

Sixteen right-handed native Japanese speakers (all
students at The University of Tokyo in Japan)
participated in the experiment. They were aged
between 18 and 22 years old (M = 19) and had never
stayed in an English-speaking country for more than
2 weeks (M = 0.6 week). They received a monetary
compensation for their participation.
A group of forty monolingual native English
speakers from North America (all students at the
University of Victoria in Canada) participated as the
reference group. They were aged between 17 and 28
years old (M = 21). They received course credits for
their participation. Results of the English participants
were first presented in a previous study [7].
The Japanese participants completed the pre-test,
two training sessions with the ‘ship’ and ‘sheep’
contrast, and the post-test, whereas the English
participants completed the pre-test only. Note that the
pre-test and post-test were identical.
3.2. Stimuli

A female speaker from the United States recorded
‘ship’ and ‘sheep’ samples in a sound attenuated
booth with a Shure SM10A low-impedance,
unidirectional dynamic microphone directly to
computer. Measurements of her vowel formants were
used as references for the manipulations in Praat [1].
A clear ‘ship’ exemplar was chosen as the starting
point for manipulations while a clear ‘sheep’
exemplar was chosen as the end point. The filter was
extracted from the original source and manipulated
using a script [20]. The first (F1), second (F2) and
third (F3) formant frequencies were manipulated in 7
equal steps (from /I/ to /i/) on the Bark scale [21]. The
critical formant frequencies for identification of the
vowels are the F1 and F2, but the F3 and the
corresponding bandwidths were also manipulated
because it resulted in more natural sounding tokens.
The pitch pattern was also altered from relatively flat
to high-low-rising for the same reason. The values of
the F1, F2 and F3 (reported in Hz) for the 7 vowel
qualities are as follow (the values were taken at midvowel in the filter used to create each vowel quality):
token 1 (679/2087/2999), token 2 (631/2203/3041),
token 3 (585/2326/3084), token 4 (540/2457/3128),
token 5 (497/2596/3172), token 6 (456/2744/3218),
and token 7 (415/2902/3264). After the spectral
information was altered, the duration of each vowel
was manipulated from short to long (90ms, 120ms,
150ms, and 180ms) using a script [19]. The F4 (4262
Hz), F5 (4378 Hz), the duration of the initial fricative
(210 ms) and coda plosive (closure duration: 136 ms;
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Figure 1: The 28 manipulated tokens used for the preand post-test were varied in terms of F1, F2 and F3 (xaxis) and vowel duration (y-axis). The 16 tokens used for
training are presented in grey shading. (Figure from [7]).
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The set of 28 words were used in the identical preand post-test, while a subset of 16 tokens were used
for training. The tokens chosen for training were
situated at the extreme ends of the spectral continuum
and are identified in grey shading in Figure 1. The 16
audio stimuli were paired with pictures representing
each word (the same two pictures were used for the
entire training.) For instance, tokens 1, 2, 8, 9, 15, 16,
22, and 23 were always played when the picture of a
‘ship’ was presented. Conversely, the other tokens in
grey in Figure 1 were always played when the picture
of a ‘sheep’ was presented. The pictures were
contrastive in shape and color.
The picture association training followed the same
presentation pattern of the audio stimuli as the
previously reported AX discrimination training using
the same set of audio stimuli [7]. In the focus on forms
discrimination task (i.e., using only audio stimuli, no
pictures), the 16 training tokens were paired so that
16 combinations featured words that differed in terms
of spectral quality, such as token 2 in Figure 1
followed by token 6 (these should be labeled as
'different' by the participants), and 16 pairs featured
words that may have different vowel duration, but the
spectral quality was the same, such as token 1 and
token 16 (these should be labeled as 'same' by the
participants). None of the words was paired with
itself. The resulting 32 pairs were also presented in
reverse order, for a total of 64 training pairs,
presented 4 times, for a total of 512 words heard
during a training session.
The only - but crucial - difference between the
focus on forms discrimination task and the picture
association task is that in the latter, pictures of the
words were presented at the same time as the audio
stimuli, and participants were required to decide
whether the two consecutive pictures presented were
the same or different, while instructed to ignore the
words presented in the headphones.

3.3. Procedure

All tests and training sessions were done in a sound
attenuated room with participants wearing the same
high quality Bose headphones. For the pre-test (and
post-test), the 28 audio tokens were presented
randomly four times, but the first round of 28 words
was considered a practice session and discarded from
analyses. The tests used a two-alternative forcedchoice identification task without feedback, so that
the learner would hear the word ship, for instance, and
had to decide if the word was ‘ship’ or ‘sheep’ by
pressing the appropriate key on the response pad or
computer keyboard. No pictures were presented
during a test.
After the pre-test and before the post-test, the
Japanese participants went through one hour of
picture association training (2 sessions of about 30
minutes). For the training, the learner would first see
a picture of a ‘ship’ for a duration of 250ms, for
instance, and at the same time hear a version of the
word ship (e.g., token 2). After an ISI of about
1500ms, the learner would see the picture of a ‘sheep’
for a duration of 250ms while hearing a version of the
word sheep (e.g., token 6). The learner’s task was to
indicate if the two pictures he or she saw were the
same or different by pressing the appropriate key on
the computer keyboard. Each trial was followed by a
written message (feedback) indicating whether the
choice was correct.

performance on the picture association paradigm
would be comparable to the improvement on the
focus on forms discrimination paradigm.
In the discrimination training study, 5 out of 20
(25%) Japanese trainees associated the vowel /i/ with
the word ‘ship’ instead of ‘sheep’ post-training [7]. In
the picture association training, 2 out of 16 (12.5%)
trainees similarly mislabeled the vowels posttraining. Since we were interested in the trainees’
improvement on their use of spectral information for
vowel categorization, the vowel labels were reversed
for the mislabeling participants before conducting the
analyses (i.e., all the tokens labeled as ‘ship’ were
recoded as ‘sheep’, and vice versa).
4.1. Vowel duration results
Figure 2: The proportion of items identified as ‘sheep’
in the pre-test and post-test for the discrimination and
the picture association training groups by changes in
vowel duration, compared with English speakers.

4. RESULTS AND DISCUSSION
In the previously reported focus on forms (audioonly) discrimination task, the training scores of the
Japanese trainees increased from the first training
session (88.30%, st.dev. 10.60) to the second training
session (93.58%, st.dev. 8.10), indicating that the
trainees were getting better at discriminating the
target vowels over the course of about an hour of
training [7]. In the picture association task, however,
no improvement during training should be observed,
since the pictures were overtly contrastive and
therefore the training task should have been easy. As
expected, the average scores with this task were near
ceiling and there was no significant difference
between the average scores on the first (96.61%,
st.dev. = 3.09) and second training day (96.61%,
st.dev. = 3.60). Thus, the listeners most likely
focused, as instructed, on the pictures to complete the
task without focusing on the acoustic forms they
heard concurrently in their headphones.
The research questions addressed by this study
were whether any improvement in the use of vowel
duration and formant information would be observed
after picture association training, and whether the
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At pre-test, the Japanese trainees used vowel duration
to categorize the vowels as in ‘ship’ and ‘sheep’ to a
greater extent than native English speakers, as shown
in Figure 2. As seen in the same figure, however, their
reliance on vowel duration at post-test (after training)
was considerably reduced, approximating the way
this cue is used by native English speakers, and this
improvement was comparable to the one obtained
with the discrimination task.
The vowel duration data were analysed using a
mixed-design ANOVA in R [17] with a withinsubjects factor of Duration and Time (pre-test, posttest), and the between-subject factor was Condition
(discrimination and picture). The package “ez” was
used for the analysis [11]. Mauchly’s test indicated
that the assumption of sphericity had been violated

(W = 0.13, p < .001), therefore degrees of freedom
were corrected (ε = 0.47). Both groups (picture and
discrimination) changed the way they relied on vowel
duration from pre-test to post-test, shown by the
significant Time X Duration interaction; F(3, 99) =
41.39, p < .001, ηp2 = .27. However, the Time x
Condition x Duration interaction was not significant;
F(3, 99) = 0.49, p = .69, ηp2 = .004, indicating that
trainees in both training conditions underwent similar
changes in the use of vowel duration.
A mixed-design ANOVA was performed on the
post-test results with Duration as the within-subject
and Condition (discrimination, picture, and English)
as the between-subject factor. The data was not
spherical (W = 0.22, p < .001), and so GreenhouseGeisser estimate of sphericity (ε = 0.51) was used.
The Condition x Duration interaction was not
significant; F(6, 214) = 2.18, p = .09, ηp2 = .03. Thus,
the behaviour of both training groups was the same as
that of the English native speakers after training.

21.35, p < .001, ηp2 = .21. Both groups did not attain
the same identification behaviour as native speakers.
Figure 3: The proportion of items identified as ‘sheep’
in the pre-test and post-test for the discrimination and
the picture training groups by changes in formants,
compared with English speakers.

4.2. Spectral results

At pre-test, the Japanese trainees could use spectral
information to categorize the vowels as in ‘ship’ and
‘sheep’ to a lesser extent than native English
speakers, as shown in Figure 3. As seen in the same
figure, however, their reliance on spectral cues
increased significantly at post-test (after training),
and this improvement was comparable to that
obtained with the discrimination task [7].
The formant data were similarly analysed using a
mixed-design ANOVA with within-subject factor of
Formant and Time (pre-test, post-test) and a betweensubject factor of Condition (discrimination, picture).
Mauchly’s test indicated that the assumption of
sphericity had been violated (W = 0.007, p < .001),
therefore degrees of freedom were corrected using
Greenhouse-Geisser estimate of sphericity (ε = 0.30).
Both of the training conditions changed their
behaviour over time, which was shown by the
significant Time X Formant interaction; F(6, 198) =
27.05, p < .001, ηp2 = .21. However, the Time X
Condition X Formant interaction was not significant;
F(6, 198) = 0.54, p = .56, ηp2 = .01, indicating that
trainees in both training conditions underwent similar
changes in the use of spectral information.
The post-test formant data of both training groups
were then compared with that of the native English
speakers with Formant as the within-subject factor,
and Condition (discrimination, picture, English) as
the between-subject factor. Again, Mauchly’s test
indicated a violation of sphericity (W = 0.007, p <
.001), therefore the Greenhouse-Geisser estimate of
sphericity (ε = 0.51) was used. The Condition X
Formant interaction was significant; F(12, 432) =
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4.3. General discussion

While the current results demonstrate that the use of
a picture association task for training sound contrasts
yields the same results as the use of a focus on forms
discrimination task, it does not exclude the possibility
that exposure to the contrastive distribution of the
sounds might be responsible for the results observed.
If that is the case, however, that would mean that the
task performed—whether a discrimination or picture
association task—is inconsequential, since the two
tasks yielded comparable results. Testing with a
control group that does not undergo any training
could serve to confirm this hypothesis. Moreover, it
cannot be ruled out that the participants may have
attended to the acoustic forms while performing the
picture task considering the low cognitive demand of
the task. Further tests with more task-demanding
conditions (i.e., with a more difficult contrast or with
written words instead of pictures) are currently
underway to confirm the tentative conclusion that
listeners do not need to focus on the acoustic forms
for improvement in the perception of non-native
speech categories to occur.
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ABSTRACT

able for tense/lax vowel distinction. AusE listeners
instead seem to assign higher weights to non-spectral
cues compared to AmE listeners, such as duration
and the presence vs. absence of large formant movements within the vowels [20].
The importance of spectral cues for AmE listeners
is also evident during their L2 perception. AmE listeners show a strong tendency to categorize both long
and short Japanese vowels as tense [16], presumably
because Japanese vowels are generally peripheral
(i.e., spectrally more tense vowel-like) regardless of
phonemic length and because duration is an underutilized cue in AmE. However, unlike the case of AmE,
the L2 perception patterns of native listeners of other
dialects of English are understudied. We investigate,
therefore, the perception of Japanese vowels by AusE
listeners, who have been shown to be sensitive to durational cues at least in their L1.
We first compare the vowel systems of the languages in focus. First, the AusE vowel system consists of 13 monophthongs, and as summarized in Table 1, they differ from their AmE counterparts in that
the tense/lax pairs are typically regarded as having
long/short contrasts instead. Long vowels are approximately 1.5 times the length of their corresponding
short vowels [5]. It should also be noted that although the lax high front vowel symbol /I/ is used
for the vowel in ‘hid,’ the vowel category has significant spectral overlap with /i:/ [4]. The ‘feared’ vowel
/I@/ is included in the list of monophthongs because
although vowel-rhotic sequences in AusE can be realized as centralizing diphthongs similar to British
varieties of English (e.g., [bI@] ‘beer’), younger AusE
speakers often produce them as long monophthongs
(e.g., [bI:] ‘beer’), especially in closed syllables [4, 5].
Furthermore, some long vowels that are phonologically treated as monophthongs tend to exhibit large
formant movements (e.g., /i:/ → [@ i:]), referred to as
vowel inherent spectral change (VISC) [5, 6]. VISC
in short vowels and monophthongized ‘rhotic’ vowels (e.g., /I@/) are negligible or significantly smaller
than in long vowels, making VISC an important perceptual cue along with duration for distinguishing
vowels that are spectrally similar (e.g., /i:, I@, I/ →

This study presents an experiment that investigates
the perception of Japanese vowel length by Australian English (AusE) listeners. Previous studies
found that AusE listeners utilize duration, spectra,
and vowel inherent spectral change (VISC) to categorize native vowels. However, while Japanese vowels
have phonemic vowel length distinctions, they typically do not exhibit VISC. In the absence of VISC,
AusE listeners were expected to rely primarily on durational cues to categorize long/short Japanese vowels as long/short AusE monophthongs that match in
height and backness. Participants generally showed
the predicted categorization patterns, but unexpected
results were also found in how Japanese /e/ and /u,
uu/ were categorized. The results are discussed in
terms of perceptual cue weighting in AusE (duration,
spectra, VISC) and how this differs from the betterstudied perception of Japanese vowels by American
English (AmE) listeners.
Keywords: Australian English, Japanese, crosslinguistic perception, vowels, cue weighting
1. INTRODUCTION
Second language perception models such as the
Speech Learning Model (SLM) [10], the Perceptual
Assimilation Model (PAM) [2], and the Second Language Linguistic Perception (L2LP) model [7] posit
that nonnative perception patterns are predictable
from phonetic and phonological similarities between
the first (L1) and second (L2) language sound categories. More importantly for the purposes of the current study, the acoustic cues used to establish sound
contrasts are often weighted differently across languages and even dialects of the same language. For
example, despite tense vowels being systematically
longer than their lax counterparts in American English (AmE) (e.g., /i:/ vs. /I/), native AmE listeners
rely primarily on spectral cues when distinguishing
the vowels [11]. However, in Australian English
(AusE), the tense-lax vowel pairs have significant
spectral overlap [4], making spectral cues less reli-
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[@ i:, I:, I]) [8, 9, 20]. AusE listeners, therefore, are
sensitive to duration and VISC when categorizing
monophthongs, which contrasts with AmE listeners
who rely primarily on spectral differences [16].

Spanish bilingual. All participants were compensated
for their time in the form of class credit or monetary
compensation.
2.2. Stimuli

Table 1: Australian English monophthongs.

Long
Vowel Word

Short
Vowel Word

/i:/
/e:/
/5:/
/o:/
/0:/
/3:/
/I@/

/I/
/e/
/5/
/O/
/U/
/æ/

‘heed’
‘haired’
‘hard’
‘hoard’
‘food’
‘heard’
‘feared’

The stimuli were 10 Japanese vowels—five short /i,
e, a, o, u/ and five long /ii, ee, aa, oo, uu/—embedded
in 3 phonetic contexts (/bVp, dVt, gVk/) spoken by
10 native Japanese speakers (5 male, 5 female) for
a total of 300 tokens. The speakers were students
or graduates of universities in Japan who had spent
the majority of their lives in Tokyo and surrounding
areas (aged 21 - 27, mean = 23.9). The recording took
place in an anechoic chamber at Waseda University,
using a SONY F-780 microphone with a sampling
frequency of 44,100 Hz and 16-bit quantization. The
speakers read aloud the sentence “CVCe - CVCo CVCe to CVCo ni wa V ga aru” (‘CVCe - CVCo - In
CVCe and CVCo there is V’), and then the /e/ in the
underlined /CVCe/ were clipped to create a /CVC/
stimuli (Japanese does not generally allow a syllable
coda). Lexical pitch accent was placed on the first
syllable. The stimuli were then manipulated to have
a peak intensity of 70 dB SPL in Praat [3].

‘hid’
‘head’
‘hud’
‘hod’
‘hood’
‘had’

Japanese is a five vowel system (/i, e, a, o, u/)
with contrastive length (e.g. /toge/ ‘thorn’ vs. /tooge/
‘mountain pass’), making a total of ten monophthongal vowels. Although /u/ has long been described as
high back unrounded [W], younger speakers consistently articulate the vowel as rounded [17] and central
[14, 17] (i.e., [0]). Roundedness, therefore, is correlated with backness: back vowels /o, u/ are rounded
while /i, e, a/ are not. On one hand, Japanese vowels are similar to AusE vowels in that duration is an
important cue for vowel categorization and that spectral differences between long and short vowels are
negligible. On the other hand, Japanese vowels differ
from AusE vowels in that the magnitude of durational
difference is larger in Japanese, approximately two
to three times longer than short vowels [12, 13] compared to 1.5 times longer, and that Japanese vowels
lack VISC. Given the two vowel systems, we hypothesize the following: (i) AusE listeners should
categorize long and short Japanese vowels as long
and short AusE vowels and (ii) in the absence of
VISC, AusE listeners should show more reliance on
spectral cues.

2.3. Procedure

The experiment was a forced-choice task, where the
participants had to categorize the vowel in the aforementioned /CVC/ stimuli presented in isolation. The
participants had to choose from a list the word that
contains the vowel that best matches the vowel they
heard in the stimuli. The words in the list all had the
shape /hVd/ with the exception of two words, which
had a /fVd/ shape (as in Table 1). Participants were
asked to choose as quickly as possible. The stimuli were presented in random order through noiseisolating headphones, and participants selected their
answer choices by clicking the word choice with a
mouse. A break was programmed to occur after 150
tokens (midpoint of experiment), which ended when
participants clicked the mouse. The experiment was
conducted using PsychoPy2 (v1.90.2) [18], which
recorded participant responses and reaction times.

2. METHODS
2.1. Participants

3. RESULTS

Ten female Australian English listeners were recruited for the experiment at Western Sydney University, Sydney, Australia. Nine of the participants
were undergraduate or graduate students between the
ages 20 and 27, born and raised in the greater Sydney area. Six of the nine were monolinguals, and
three were heritage speakers of Turkish, Punjabi, or
Arabic. The tenth participant (age 33) had resided
in Australia since the age of 5 and was an English-

The prediction going into the experiment was that
AusE listeners should primarily exhibit durationbased perception patterns, categorizing long Japanese
vowels as long AusE vowels and short Japanese vowels as short AusE vowels that match in height and
backness. Although this was generally the case, there
were some exceptions. Figure 1 first shows the cate-
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gorization of long Japanese vowels.

some unexpected categorization patterns.

Figure 1: Response percentages for long Japanese
vowels. Only responses > 15% labeled.

Figure 2: Response percentages for short Japanese
vowels. Only responses > 15% labeled.

First, /uu/ was more frequently categorized as /U/
rather than the expected /0:/. Second, while most
Japanese vowels were matched with AusE vowels in
terms of height and backness, /oo/ was an exception,
which was categorized as either mid back /o:/ or high
back /U/. This suggests uncertainty with respect to the
height of the vowel. A linear mixed effects regression
model was fit to test how long the participants took in
categorizing each of the Japanese long vowels using
the lme4 [1] package for R [19] and the lmerTest [15]
package to obtain p-values for the model. The model
included random intercepts for each participant and
stimulus item. The results are shown in Table 2.

First, /e/ was most often categorized as the short
high front vowel /I/ rather than the expected mid
front vowel /e/. Second, although /o/ was most often
categorized as the expected short mid back vowel /O/,
it was also often categorized as the short high back
vowel /U/, which was also the case with /oo/.
A mixed effects model was fit to the short vowel
reaction times as well with the same fixed and random effects structure as with the long vowels, and
the results showed that reaction times were not significantly different among /e, o, u/ (Table 3). Pairwise
comparisons were also conducted, which additionally
revealed that reaction times between /i, a/ were not
significantly different from each other and that reaction times for /e, o, u/ were all significantly longer
than for /i, a/ (p < 0.01), suggesting that participants
found it relatively easier to categorize /i, a/ than the
other three vowels.

Table 2: Reaction times in long vowel categorization (∗∗∗ p < 0.001). Baseline = /oo/.

(Intercept)
/ii/
/ee/
/aa/
/uu/

Estimate

S.E.

4.35
−1.33
−0.83
−0.81
−0.93

0.41
0.22
0.22
0.22
0.22

∗∗∗

Table 3: Reaction times in short vowel categorization (∗∗∗ p < 0.001). Baseline = /o/.

∗∗∗
∗∗∗
∗∗∗
∗∗∗

(Intercept)
/i/
/e/
/a/
/u/

At 4.35 seconds, the mean reaction time when categorizing /oo/ was significantly longer than every other
vowel. This suggests that /oo/ was relatively more
difficult to categorize than other long vowels, perhaps
because the participants found the vowel to be ambiguous in height. Pairwise comparisons were also
conducted using the difflsmeans function in R, which
revealed additionally that reaction times for /ii/ were
significantly shorter than for /ee/ (-0.50 seconds; p
= 0.04) and for /aa/ (-0.52 seconds; p = 0.03). No
other comparison was significant.

Estimate

S.E.

3.80
−1.04
−0.09
−0.82
−0.06

0.35
0.19
0.19
0.19
0.19

∗∗∗
∗∗∗
∗∗∗

4. DISCUSSION
Overall, the results suggest that AusE listeners do
make use of durational cues to categorize Japanese
vowels. Long Japanese vowels were consistently categorized as long AusE counterparts and likewise for
short vowels, supporting our hypothesis. This contrasts with AmE listeners, who have been shown to

Figure 2 shows that all short Japanese vowels were
categorized as short AusE vowels, but again with
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be generally insensitive to durational cues, relying
primarily on spectral cues [11, 16]. The difference is
due to the fact that AmE vowels have tense/lax distinctions where lax vowels are more central than their
tense counterparts. The same tense/lax categories,
however, exhibit significantly more spectral overlap
in AusE than in AmE, motivating AusE listeners to
rely on other cues such as duration. The dialectal
difference in perception patterns is in line with the
predictions of models such as SLM, PAM, and L2LP,
where nonnative perception is characterized by the
properties of L1 categories, including how various
acoustic cues such as spectral quality, duration, and
VISC are weighted.
There were some exceptions to the duration-based
perception patterns. Although /uu/ was categorized
as the expected long vowel /0:/ more often than /u/,
listeners more frequently chose the short /U/ category
for both vowels, suggesting that duration was being
ignored in this case. There are two possible interrelated factors driving the observed pattern, the first of
which is simply that Japanese /uu/ is spectrally ambiguous to AusE listeners. As can be seen in Figure
3 (adapted from [6, 16]), /0:/ is much more fronted
than /U/, articulated near /I/ in AusE, suggesting that
it is perhaps more accurately a high front rounded
vowel (e.g., [Y]). Japanese /uu, u/, however, are intermediate between AusE /0:/ and /U/ with the height
of the former but backness of the latter. To an AusE
listener, therefore, Japanese /uu/ is either an exceptionally high and long /U/ or an exceptionally backed
and VISC-less /0:/. Faced with these choices, AusE
listeners seem willing to prioritize spectral quality
over VISC and duration.

ambiguous in that it is higher than AusE /e/ but also
lower and further back than AusE /I/.
The second possible factor is that /0:/ often exhibits VISC in the F3 dimension (i.e., gradual lip
rounding) [4], which both /uu/ and /U/ lack. It could
be the case that AusE listeners might be prioritizing the lack of F3 VISC itself as a cue for the short
vowel /U/ over the long duration as a cue for the
long vowel /0:/. However, based on previous findings
that VISC plays a complementary role to duration
in AusE vowel categorization [20], it seems unlikely
that (the lack of) VISC alone could override duration.
In addition, the /uu/ categorization pattern contrasts
with /ii/, which despite the similar lack of VISC was
consistently categorized as the long AusE vowel /i:/.
The main difference between /uu/ and /ii/ is perhaps
that whereas /uu/ matches only in duration with /0:/,
/ii/ matches with /i:/ in terms of spectral quality in
addition to duration. The diverging patterns between
/uu/ and /ii/ categorization in particular suggest again
that although AusE listeners use durational cues, it is
only when either spectral or (lack of) VISC cues also
match. When there is a spectral and VISC mismatch,
AusE listeners seem willing to ignore duration.
5. CONCLUSION
The current study presented an experiment investigating how native AusE listeners perceive nonnative
Japanese vowels. The results showed that AusE listeners rely both on spectral and durational cues when
categorizing Japanese long/short vowels, which differ from the results of previous studies with AmE
listeners showing a general underutilization of durational cues. This is presumably due to the relative (un)importance of durational cues in the two
English dialects, which is in line with the notion that
L1-specific cue weighting drives nonnative and L2
speech perception. The results further showed that
the role of (the lack of) VISC seemed to depend on
the vowels being categorized. A follow-up study on
how AusE listeners’ perceive Japanese diphthongs
(or vowel sequences) might shed more light on the
complex interplay of VISC with spectral and duration cues in AusE listeners’ perception of both L1
and L2 vowels.

Figure 3: Mean central formants of AusE vowels
(black box) [6] and Japanese vowels (white box)
[16].
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Spectral ambiguity also explains the categorization
patterns of Japanese /oo, o/ as AusE /o:, U/ and
Japanese /e/ as AusE /I/. /oo, o/ have the height
of /U/ but backness of /o:/. Japanese /e/ is similarly

2231

7. REFERENCES
[1] Bates, D., Mächler, M., Bolker, B., Walker, S.
2015. Fitting linear mixed-effects models using
lme4. Journal of Statistical Software 67(1), 1–48.
[2] Best, C. T. 1995. A direct realist view of crosslanguage speech perception. In: Strange, W., (ed),
Speech perception and linguistic experience: Issues
in cross-language research. Timonium, MD: York
Press 171–204.
[3] Boersma, P., Weenink, D. 2018. Praat: doing phonetics by computer (Version 6.0.43) [Computer program].
[4] Cox, F. 2006. The acoustic characteristics of /hVd/
vowels in the speech of some Australian teenagers.
Australian Journal of Linguistics 26(2), 147–179.
[5] Cox, F., Palethorpe, S. 2007. Australian English.
Journal of the International Phonetic Association
37(3), 341–350.
[6] Elvin, J., Williams, D., Escudero, P. 2016. Dynamic acoustic properties of monophthongs and
diphthongs in Western Sydney Australian English.
The Journal of the Acoustical Society of America
140(1), 576–581.
[7] Escudero, P. 2005. Linguistic perception and second
language acquisition: Explaining the attainment of
optimal phonological categorization. PhD thesis
Utrecht University.
[8] Escudero, P., Best, C. T., Kitamura, C., Mulak, K. E.
2014. Magnitude of phonetic distinction predicts
success at early word learning in native and nonnative accents. 5, 1059.
[9] Escudero, P., Mulak, K. E., Elvin, J., Traynor, N. M.
2017. "Mummy, keep it steady": Phonetic variation
shapes word learning at 15 and 17 months. Developmental Science e12640.
[10] Flege, J. E. 1995. Second language speech learning:
Theory, findings, and problems. In: Strange, W.,
(ed), Speech perception and linguistic experience:
Issues in cross-language research. Timonium, MD:
York Press 233–277.
[11] Hillenbrand, J. M., Clark, M. J., Houde, R. A. 2000.
Some effects of duration on vowel recognition. The
Journal of the Acoustical Society of America 108(6),
3013–3022.
[12] Hirata, Y. 2004. Effects of speaking rate on the
vowel length distinction in Japanese. Journal of
Phonetics 32(4), 565–589.
[13] Hirata, Y., Tsukada, K. 2009. Effects of speaking
rate and vowel length on formant frequency displacement in Japanese. Phonetica 66, 129–149.
[14] Hisagi, M., Nishi, K., Strange, W. 2008. Acoustic
properties of japanese and english vowels: Effects
of phonetic and prosodic context. Japanese/Korean
Linguistics 13, 223–224.
[15] Kuznetsova, A., Brockhoff, P. B., Christensen,
R. H. B. 2017. lmerTest package: Tests in linear
mixed effects models. Journal of Statistical Software 82(13), 1–26.
[16] Nishi, K., Strange, W., Akahane-Yamada, R., Kubo,
R., Trent-Brown, S. A. 2008. Acoustic and percep-

[17]

[18]
[19]
[20]

2232

tual similarity of Japanese and American English
vowels. The Journal of the Acoustical Society of
America 124(1), 576–588.
Nogita, A., Yamane, N., Bird, S. 2013. The Japanese
unrounded back vowel /W/ is in fact unrounded central/front [0 - Y]. Ultrafest VI Program and Abstract
Booklet 39–42.
Peirce, J. W. 2007. Psychopy—psychophysics software in Python. Journal of Neuroscience Methods
162(1-2), 8–13.
R Development Core Team, 2008. R: A Language
and Environment for Statistical Computing. R Foundation for Statistical Computing Vienna, Austria.
Williams, D., Escudero, P., Gafos, A. I. 2018. Spectral change and duration as cues in Australian English listeners’ front vowel categorization. The Journal of the Acoustical Society of America 144(3),
EL215–221.

LANGUAGE ATTITUDES AFFECT PERCEIVED INTELLIGIBILITY,
PROFICIENCY, AND ACCENTEDNESS OF NON-NATIVE SPEECH
Amy E. Hutchinson1, Joshua D. Weirick1, Suzy Ahn2, Olga Dmitrieva1
1

Purdue University, 2University of California, Los Angeles

hutchi25@purdue.edu, jweiric@purdue.edu, suzyahn@ucla.edu, odmitrie@purdue.edu

ABSTRACT
Previous research [7], showed that Mandarin speakers
of English modified acoustic properties of their
English speech as a factor of both the interlocutor
(native vs. non-native speakers of English) and their
own attitudes towards Mandarin and English. The
present study investigates whether these acoustic
modifications are perceptible to native speakers of
English. Seventy-two native English listeners rated
short English speech samples from twenty-four
Mandarin learners with respect to speaker’s
intelligibility, proficiency, and accentedness, on a 7point scale. The results showed that the interlocutor
condition was not reflected in listeners’ ratings.
However, speakers’ attitudes significantly predicted
listeners’ ratings. Participants who were more
positively oriented towards Mandarin than English
were perceived as less intelligible, less proficient, and
more accented. The results suggest that the effects of
language attitudes on second language speech are
salient and perceptible to native listeners.
Keywords: Non-native speech, language attitudes,
intelligibility, proficiency, accentedness
1. INTRODUCTION
The acquisition of a second language (L2) requires
much more than learning skills because of its inherent
social nature. In order to be successful in the
acquisition of an L2, the learner must be willing to
adapt and alter their self-image, and previous research
suggests that learners who approach L2 acquisition
with a more positive attitude are likely to achieve
higher ultimate attainment in the language ([6, 10,
21], inter alia).
Among other aspects of linguistic competence,
acquisition of L2 pronunciation can be affected by
learners’ attitudes [8, 12, 13, 14, 15, 20].
Pronunciation is subject to a number of factors such
as long-term transfer effects, fossilization, and ageeffects, which therefore makes it challenging for the
learner to achieve target-like proficiency [16].
Nevertheless, research has shown that a positive
attitude towards the L2 aids in achieving near targetlike pronunciation [8, 12, 15, 20].
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One study that demonstrated the effect of speaker
attitude on non-native speech [7] examined the
speech of Mandarin speakers of English conversing
with interlocuters from different L1 backgrounds
(Mandarin, Russian, and English). When addressing
native English speakers, Mandarin speakers who
reported being more English-oriented (had a positive
attitude towards English), utilized a more
hyperarticulated vowel space, faster articulation rate,
and higher pitch compared to speakers who were
more Mandarin-oriented.
While [7] found that English-oriented Mandarin
speakers made modifications to their English speech,
it is unclear whether those adaptations were
implemented with a purpose in mind. One possibility
is that participants aimed to make their speech more
intelligible or less accented when addressing Englishspeaking interlocutors. In this case, multiple acoustic
properties of their speech would reflect this goal, in
addition to those explored in [7] (vowel space
expansion, global pitch and articulation rate).
Moreover, if the acoustic modifications are salient
enough, human listeners would be able to detect them
in a perceptual judgement experiment.
The current study investigates whether the
interlocutor factor (L1 background of the person the
speaker is addressing) and speakers’ language
attitudes have an effect on native listener judgments
of speakers’ intelligibility, accentedness, and
proficiency in English. Evidence of such effects
would suggest that non-native speakers modify the
acoustic properties of their speech with specific
listeners and specific goals in mind, and that their
ability or wiliness to implement such modifications
depends on their language attitudes.
2. METHODS
2.1. Participants

Seventy speakers of American English (mean age
20.7 years, 7 male and 63 female) participated in this
study as raters. Raters were recruited among students
enrolled at a major Midwestern American University
and were compensated for their time with course
credit.

2.2. Materials

The experimental stimuli were short sound clips
extracted from longer recordings of 24 Mandarin
speakers completing a map task [1]. In each
recording, a speaker gave directions to a confederate
using a map with labeled landmarks. All speakers
were native speakers of Mandarin from the same
dialectal area (Beijing and Northern China). Three
different confederates participated in the task: a
native speaker of Mandarin, a native speaker of
Midwestern American English, and a native speaker
of Russian. Twenty-four Mandarin speakers
completed the task three times, once with each
confederate. After completing the direction-giving
task, each of the speakers took a language background
questionnaire, which featured questions regarding
their age of arrival (AOA), length of residence in the
US (LOR), onset of L2 acquisition, and years of
English schooling. The questionnaire also included a
section on language attitudes adopted from the
Bilingual Language Profile questionnaire [3].
Speakers were asked to indicate their level of
agreement with statements such as “I identify with an
English/Mandarin-speaking culture” on a 7-point
scale (four statements per language). The sum of
points for English-oriented statements and Mandarinoriented statements was obtained, and a
Mandarin/English attitude ratio was calculated. A
ratio of 1 indicated that the speaker valued their
Mandarin and English-speaking identities equally,
while a ratio lower than one indicated a more Englishoriented attitude and a ratio greater than 1 suggested
a more Mandarin-oriented attitude (see [7] for details
of the original study).
For the current study, sound clips were extracted
from approximately the middle of the recording for
each condition of the direction-giving task. Each clip
was approximately 10 seconds in length and
contained a full inflection phrase (e.g. “into the
garage,” “now to the zoo”). Clips were carefully
selected to ensure that they did not contain
disfluencies, prominent dialect variation or feedback
from the confederate. Clips were extracted and
normalized for loudness using Praat [4]. This
procedure was followed for all recordings, resulting
in 24 clips in each of the three conditions. Each set of
24 clips was divided into three blocks consisting of 8
clips each. Block 1 contained clips from speakers 18, block 2 contained clips from speakers 9-16, and
block 3 contained clips from speakers 17-24. Blocks
were arranged into six lists of 24 items such that two
blocks from the same condition never appeared on the
same list. The order of block selection was
counterbalanced across lists. Each listener rated only
one of the six lists. As a result, each rater judged all
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speakers and all conditions but never rated a single
speaker more than once.
2.3. Procedures

Participants took the survey online via Qualtrics.
They rated 24 clips of non-native speech using three
7-point scales (7 being the highest). The prompts and
their scales were as follows: “How well did you
understand this person speaking English?” (e.g., “Not
well at all”; “Very poorly”; “Poorly”; “Moderately”,
“Fairly well”, “Well”, “Very well”), “Please rate the
strength of this person’s foreign accent, if any, when
speaking English” (“non-existent”; “Very weak”;
“Weak”; “Moderate”; “Fairly strong”; “Strong”;
“Very strong”) and “Please evaluate this person’s
overall proficiency in English” (“Not high at all”;
“Very poor”; “Poor”; “Moderate”; “Good”; “Nearnative”; “Native-like”). Participants were randomly
assigned to one of six lists of 24 clips. Clips were
presented in random order, and each list was rated an
equal number of times.
3. RESULTS
3.1. Overall variability

Figure 1 demonstrates the overall variability in rating
scores and the amount of spread across speakers in
terms of their perceived intelligibility, proficiency,
and accentedness. It shows that overall speakers were
perceived as fairly intelligible, with intermediate-to
high English proficiency (all scores are above the
mid-scale ‘moderate’ point for both attributes). All
participants’ speech was perceived as accented, rising
almost to the 6th point on the scale, labelled as
‘strong’.
Figure 1: Average accentedness, intelligibility and
proficiency ratings per speaker (speakers are
arranged in the order of decreasing intelligibility).

Within these ranges there was a fair amount of
variability in all three dimensions, from almost
perfect intelligibility (6.58 on a 7-point scale, speaker
11), near-native proficiency (6 on a 7-point scale,
speaker 11), and weak accent (2.97, speaker 11) to
moderate intelligibility (4.28, speaker 22), moderate
proficiency (3.94, speaker 22) and strong accent
(5.59, speaker 18).
Intelligibility and proficiency ratings appear to be
in an almost perfect positive correlation with each
other (in fact, the correlation was significant: r[72] =
0.94, p < .001), while both are in a negative
relationship with perceived accentedness (r[72] = .876, p < .001 and r[72] = -.863, p < .001). The
correlation between accentedness and the other two
attributes is less consistent, indicating that this
dimension exhibits a greater degree of independence
from the other two.

accented, while speech addressed to the Russian
interlocutor was rated as the least accented.
Figure 3: Average attribute scores by interlocutor
condition (L1 background).

3.2. Language attitudes

For the majority of the speakers in the sample (16 out
of 24) the Mandarin/English attitudes ratio was above
1, indicating a more positive attitude towards
Mandarin than English, but there was a fair amount
of variability, the ratio ranging from 0.53 to 1.71 (Fig.
2).
Figure 2: Average Mandarin/English ratio across
speakers.

3.3. Linear mixed model results

Since intelligibility, proficiency, and accentedness
scores were correlated with each other, a single global
evaluation score was created by taking an average of
the three (accentedness scale was reversed prior to
averaging). The resulting global scores were normally
distributed (Shapiro-Wilk test, p = .866) therefore no
further transformation was applied. The global
evaluation score was submitted as a dependent
variable to a Linear Mixed Model with Interlocutor
condition as a fixed factor, Mandarin/English attitude
ratio as a covariate, the interaction between the two,
and a random intercept for speaker.
Figure 4: Correlation between Mandarin/English
ratio and global evaluation score.

3.2. Proficiency, intelligibility, and accentedness
ratings across interlocutor conditions

On average, speakers were rated the most proficient
and intelligible when addressing the Russian
interlocutor (Fig. 3), whereas the differences between
Mandarin and English conditions were less
pronounced and less consistent. Speech addressed to
the Mandarin interlocutor was also rated as the most
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The results showed no significant effect of the
Interlocutor condition and no significant interaction
between Interlocutor and Mandarin/English attitudes
ratio. The attitudes covariate was a significant
predictor of global evaluation score (β = -0.919, SE =
0.434, t = -2.115, p = 0.041). A higher
Mandarin/English ratio was associated with a lower
evaluation score (Fig. 4), indicating that speakers who
were less positively oriented towards English
language and culture were perceived as less
intelligible, less proficient, and more accented by
native English-speaking raters. It is worth mentioning
that significant correlations were also observed
between each one of the evaluative dimensions and
attitudes ratio. Additionally, no correlations were
found between attitudes ratio and participants AOA,
LOR, years of L2 schooling, and onset of acquisition.
4. DISCUSSION
Average differences in evaluation score as function of
interlocutor condition suggest that non-native
speakers aimed for greater intelligibility when
addressing the native Russian speaker. This makes
intuitive sense, since the Russian interlocutor has
neither the benefit of being a native speaker of
English, nor the benefit of a shared L1 background
with the Mandarin speaker [2, 10, 11, 19]. Therefore,
from the point of view of the Mandarin speakers, the
Russian interlocutor is in a greater need of increased
intelligibility than other interlocutors.
However, these average differences must be
interpreted with great caution since they were not
statistically significant. On the other hand, the lack of
statistical significance could be due to
methodological choices. The sound samples were
extracted from a relatively arbitrary point in a
recording of a naturalistic conversational task, which
means that a large amount of irrelevant variability
was unavoidable. This variability has likely reduced
the sensitivity of the perceptual test. In addition, the
sound samples were rather short, and it is possible
that they didn’t provide the raters with enough
information to arrive at a reliable evaluation of
participants’ speech. Finally, findings in [7] were not
entirely compatible with the view that speakers
modified the acoustics of their speech in order to
increase intelligibility. Instead, affective factors
could play a role. Results suggested that participants
may have modified their speech to indicate a greater
level of engagement and a positive stance in the
conversation. If this was indeed the case, eliciting
positive affect judgements of the speech samples
instead of intelligibility judgements would be a better
way to reveal interlocutor condition differences.
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The only statistically significant effect detected in
the present data was that of a covariation between
participants’ attitudes ratio and their evaluation score.
A more positive attitude towards English was
associated with greater intelligibility, greater
proficiency, and lower accentedness, as indicated by
the global evaluation score. While it is unknown
whether a more positive L2 attitude leads to greater
success in L2 acquisition or whether greater prowess
at language learning ultimately results in a more
positive attitude, it is clear that the two are connected.
Moreover, this link was established on the basis of
evaluation of very brief speech samples, containing a
single inflectional phrase. Among other things, this
indicates that listeners are able to form such
judgements quickly and with limited information.
While it is certainly possible that the relationship
between language attitudes and perceived
intelligibility or accentedness of L2 is indirect and is
instead mediated by factors such as LOR, our data did
not reveal any significant correlations between
variables quantifying the onset and duration of L2
acquisition and attitudes ratio. Admittedly, our
sample of university students was quite homogeneous
with respect to these background characteristics.
Further research is necessary to establish whether
these or other circumstances of L2 acquisition could
mediate the relationship between language attitudes
and L2 speech intelligibility, accentedness, and
proficiency.
The ratings of intelligibility, proficiency, and
accentedness could not be analysed separately in the
present study because of covariation among them.
However, the three concepts are, in principle,
independent. That is, a speaker can be relatively
accented but highly intelligible [5, 17, 18]. Similarly,
high overall proficiency does not necessarily
guarantee high intelligibility [5]. Covariation among
these attributes in the present study could be
attributed to the fact that all three were evaluated
simultaneously for a given speaker. Blocking the
experiment by task rather than by speaker could decorrelate the three dimensions, potentially revealing
different patterns of results.
To conclude, results of the study suggest that
language attitudes play an important role in
acquisition of second language speech. Acoustic
differences in non-native speech that are associated
with differences in language attitudes are
perceptually salient and detectable by native listeners.
From the pedagogical perspective, this study
confirms that students’ positive attitudes towards the
language can lead to improved intelligibility,
ultimately justifying work that language teachers do
to ensure that students have a positive orientation
towards the language and associated culture.
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ABSTRACT
Can Chinese learners of English use prosodic cues,
as native listeners do, to resolve syntactic ambiguity
in spoken-language comprehension? This question
was addressed with two speech perception tasks, one
in which listeners were aware of potential
ambiguity, and one in which they were unaware of
the ambiguity.
Accuracy scores showed that learners’ use of
prosodic information in disambiguation depended on
awareness of ambiguity. Without awareness, the
listeners’ preference for one meaning over the other
could not be reversed by the presence of prosodic
cues; after receiving explicit information that there
was ambiguity, however, listeners succeeded in
identifying the intended utterance meaning by
exploiting the available prosody. This result suggests
that L2 learners’ often-reported failure to use
prosodic information in listening should not be
ascribed to inability to use such information, but
may instead result from a deliberate choice to
restrict levels of processing, in order to simplify the
listening task.
Keywords:
syntactic
ambiguity,
prosodic
disambiguation, L2 language comprehension.
1. INTRODUCTION
Prosody can convey multiple types of information in
speech communication. To get the intended meaning
of the speaker, the listener needs to recognize the
lexical words, to assign the syntactic structure of the
utterance, and to determine the semantic relation
between words [1, 2]. Syntactic structure determines
the relation of individual words in the sentence. The
structural representation built up from sentence
components also determines the sentence meaning
[3]. The mapping between prosodic structure and
syntactic structure can group words or phrases into
utterances, thus deciding the relation between these
components in spoken language. Therefore, an
effective comprehension of spoken language
requires to integrate multiple types of information.
*Corresponding author
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This integration exploits cognitive resources, but a
limited attentional capacity might constrain these
cognitive operations [4, 5].
Syntactic ambiguity, especially the type in
which words can be grouped in alternate ways,
allows
multiple
interpretations.
Ambiguity
resolution has been central to investigate the
mechanisms of language comprehension. For
example, it is argued that a full reanalysis of gardenpath sentences requires more cognitive resources, so
that readers settle for “Good Enough” interpretations
to avoid costly reprocessing [3, 6, 7].
Prosodic phrasing can resolve structural
ambiguity in native (hereafter L1); both speakers
and listeners can identify such disambiguating
prosodic cues, with correct identification rates
ranging from 70% to 84% for listeners in different
tasks [8–14]. Prosodic information has been shown
to affect the early stages of ambiguity interpretation
[15–19], and even when a sentence is semantically
biased to one interpretation, disambiguating
prosodic cues can reverse listeners’ preference [20].
Studies of event-related potentials (ERPs) found that
prosodic information guides syntactic analysis at the
initial stage, and suffices to override syntactic
parsing preferences [21–23]. It has been shown that
in resolving prepositional phrase-attachment (PPattachment) ambiguity, second language (L2
hereafter) learners tend to ignore prosodic cues
because of interpretative bias or when other cues are
available, except when they listen explicitly for
prosodic violations [24]. Other studies found that
learners can refer to prosodic cues in disambiguation,
though their specific use of these correlates is
different from that of the native speakers [25-28].
Studies showed that Chinese L2 learners of
English showed different ERP effects from the
native speakers [29], and asymmetric accuracy rate
and reaction time in prosodic disambiguation have
been reported in Chinese L2 English and native
English [30]. Multiple theories and hypotheses have
been proposed to explain L2 language processing. It
is suggested that target language processing is less
automatic and more effortful than L1 processing
[31]. This study will investigate whether Chinese

learners of English can use prosodic cues in L2
spoken language comprehension before and after
they were informed of the syntactic ambiguity.
2. METHOD
The present study is composed of three tasks, using
stimuli randomly selected from the previous
production study [32]. Task 1 is a speech perception
task in which learners were asked to select the right
picture to match the meaning of the utterances they
heard through headphones. Task 2 is the same as
Task 1, except that the sentences were presented in
text on the screen instead. Task 3 is the same as
Task 1 except that subjects received explicit
information about the ambiguity.

In Task 1 and Task 3, learners were presented
with two pictures indicating the alternative
interpretations of the utterance that they would hear
through headphones. In Task 2, sentences were
presented in text on the screen. Examples of the
target display in Task 1 and Task 3 are shown in
Figure 1, and that of Task 2 is shown in Figure 2. To
familiarize them with the experimental paradigm,
the subjects should first complete 6 practice items
with no syntactic ambiguity. All sounds and pictures
were programmed into E-prime (2.0).
Figure 1: Schematic sample set of the target
display for sentence “Put the spoon in the bowl on
the tray” in Task 1 and Task 3.

2.1. Participants

Thirty Chinese learners of English who were
undergraduates from Shanghai participated in our
experiment, and were paid for their participation. All
were native speakers of Mandarin Chinese aged
between 18 and 21, and had been learning English
for approximately 10 years. None reported any
speech or hearing disorders.

A

B

Figure 2: Schematic sample set of the target
display for sentence “Put the spoon in the bowl on
the tray” in Task 2.

2.2. Materials
Put the spoon in the bowl on the tray.

The target stimuli in this study were 10 pairs of
utterances with PP-attachment ambiguity, and each
of the pair was randomly selected from each native
English speaker [32]. The ambiguity is embodied in
the structure “Put NP1 in NP2 on NP3”, which can
be interpreted as “Put NP1 / in NP2 on NP3” (early
juncture marked with condition A hereafter) or “Put
NP1 in NP2 / on NP3” (late juncture marked with
condition B hereafter) with different prosodic
phrasings. All the utterances were appropriately
disambiguated by inserting a pause at the boundary
and lengthening the pre-boundary component, and
have been correctly recognized by the phonetically
trained confederate [32]. In addition, 15 filler items,
which had similar sentence structure as the target
ones but no syntactic ambiguity, were also
constructed. One female native speaker who
participated in the production task uttered the filler
items. Totally, 35 utterances were used in this study.
The stimuli were grouped into two blocks in
each task to avoid the fatigue of subjects. In each
block, only one member of each pair appeared with
mixed assignment of half condition-A and half
condition-B utterances. Target items and filler items
appeared in a pseudo-random order, with at least one
filler item being inserted between two target items.
The order of picture selections and answers were
counterbalanced in each block.
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2.4. Procedure

Three forced-choice identification tasks were run on
a laptop via E-prime (2.0). Subjects were tested
individually in a quiet room. Sound stimuli were
presented over headphones (AKG, K240MkII), and
text and picture were displayed on the screen.
2.4.1. Task 1
In the initial familiarization phase, the experimenter
firstly explained the procedure to the subjects orally.
In the first block, the subjects would see the
experiment instruction on the screen informing them
of the procedure and their task. Before each trial,
subjects would see a red fixation signal (i.e. “+”) in
the middle of the screen, and meanwhile hear a beep
via the headphones (AKG, K240MkII) which would

last for 500 ms. Then they would hear the utterance,
and see pictures meanwhile. Their task was to select
the right picture matching the utterance meaning
with prosodic cues by pressing “q” for answer “A”,
“p” for answer “B” as soon as they understood the
whole utterance. The audio sound was played once,
while the pictures would remain on the screen until
response was made. Subjects were told to listen to
the utterances and to look at the pictures carefully in
each display.

prosody was imposed, and the total is an average of
their accurate selection. While in Task 2, the total
indicated subjects’ understanding of ambiguity in
these tokens, and A or B showed their preference for
one interpretation over the other when no prosodic
cues were provided. Thus, we did not compare the
result in Task 2 with those in Task 1 and Task 3 in
statistical analyses.

2.4.1. Task 2 and Task 3

The accuracy rate for each task is summarized in
Table 1. In Task 1 and Task 3, A and B indicate
subjects’ accurate understanding of the utterance. In
Task 2, the total reflects subjects’ understanding of
ambiguity, A or B indicates their interpretative bias.

Task 2 and Task 3 were conducted one week after
Task 1 was finished. Subjects in Task 1 were not
informed about doing Task 2 and Task 3 a week
later, so two subjects were not brought back when
being informed of the new tasks. In Task 2, subjects
were told to look at the pictures on the screen and to
read the sentence above in each display as shown in
Figure 2. Their task was to judge which picture
corresponded to the meaning of the sentence
according to their understanding by pressing “q” for
answer “A”, “p” for answer “B”, and “c” for both
answers A and B.
After Task 2, the experimenter asked questions
concerned with the ambiguity, finding that only five
of the subjects knew how to interpret the stimuli
alternatively. The experimenter then gave them
explicit information about the ambiguity, but no
prosodic cues were provided. After the subjects
understood the structural ambiguity and had a short
rest, Task 3 was conducted in the same procedure as
in Task 1.
2.2. Data analyses

Subjects’ responses to practice trials and filler trials
were not included in data analyses. As two of the
subjects who participated in Task 1 did not take part
in Task 2 or Task 3, their responses were discarded
in data analyses. Thus, a total of 560 responses were
obtained (28 participants * 2 conditions * 10
sentences) for Task 1 and Task 3 respectively, and
280 (28 participants * 10 sentences) responses were
obtained for Task 2. Analyses and comparisons were
initially made among the means of accuracy score.
Then statistical analyses were carried out using R
with logistic mixed-effects model to analyse the
accuracy score in Task 1 and Task 3. The model
included subjects’ response accuracy score (1 for
congruent vs. 0 for incongruent) as dependent
variable; task, condition, and the interaction of task
and condition as fixed predictors. Random effects
were also included for participants and sentences. In
Task 1 and Task 3, A or B reflected subjects’
accurate understanding of the utterance when
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3. RESULTS

Table 1: Accuracy rate for Task 1, Task 2, and
Task 3.

Task
1
2
3

A (%)
65.7
42.5
74.6

B (%)
42.9
34.3
89.3

Total (%)
54.3
23.2
82.0

It can be observed that in Task 1, when heard
target utterances, subjects showed a preference for A
(65.7%). The total accuracy rate 54.3% indicates
their failure to use prosodic cues in ambiguity
resolution. Total accuracy rate in Task 2 (23.2%)
shows that subjects even did not realize the
ambiguity with the target sentences. Rather,
accuracy rates for A (42.5%) and B (34.3%) indicate
their interpretative bias for A. Accuracy rates for A
(74.6%), B (89.3%), and the total (82%) in Task 3
suggest that they could identify the intended
meaning by exploiting the available prosody after
being informed of the ambiguity.
Logistic mixed-effects models were conducted
to analyse the accuracy score in Task 1 and Task 3.
Results show significant main effects of task (β = .727, SE = .075, p < 0.001) and the interaction of
task and condition (β = .507, SE = .075, p < 0.001),
though no significant effect is found in condition (β
= -.023, SE = .074, p = .757). To explore the
interaction of task and condition, post-hoc pairwise
comparisons were computed, and the results are
presented in Table 2. It can be observed that in Task
1 the accuracy score for A is significantly higher
than that for B (p < .0001), while in Task 3 it is
significantly higher for B than that for A (p < .001).
The subjects’ preference for A in Task 1 tends to
show a preference over the early juncture
interpretation, while the significant higher accuracy
score for B in Task 3 indicates that prosodic cues
can reverse their interpretation preference. Thus, it is
suggested that listeners could exploit the available

prosodic information to distinguish the alternative
interpretation of the ambiguous structure.
Table 2: Results of post-hoc pairwise comparisons.

Contrast
1A - 1B
1A - 3A

β
0.968
-0.441

SE
0.178
0.189

z. ratio
5.447
-2.335

p
<0.0001
0.090

3A - 3B
1B - 3B

-1.060
-2.468

0.239
0.232

-4.436
10.652

<0.001
<0.0001

In text-reading task, when Chinese learners of
English were not informed of the ambiguity, most of
them did not know there might be two alternative
interpretations for one sentence. In listening
comprehension task when they did not receive
instructions about ambiguity, most of them preferred
an early juncture interpretation for the ambiguity,
suggesting that they did not attend to prosodic cues
in sentence interpretation. After being informed of
the ambiguity, however, most of them could employ
the available prosodic cues to identify the intended
meaning of the ambiguous sentences.
4. DISCUSSION AND CONCLUSION
In this paper, the role of prosody in L2 spoken
language comprehension was investigated with two
speech perception tasks and one text-reading task.
Accuracy scores were analysed to show whether
learners could attend to prosodic cues in speech
processing. Task 1 (speech perception) showed that
learners failed to resolve the ambiguity with
prosodic cues, and they tended to interpret the
ambiguous PP-attachment with an early juncture,
while ignoring prosodic cues. Results from the textreading task in Task 2 and a brief interview with the
subjects suggested that learners even had no
awareness of the ambiguity, and they did not realize
that there might be two alternative interpretations for
one sentence. Nevertheless, in Task 3 after receiving
explicit information about ambiguity with the
sentence structure, the learners could attend to
prosodic cues, and reversed their interpretative bias
to resolve the syntactic ambiguity. Statistical
analyses also revealed significant differences in the
accuracy scores among these tasks. This result is
consistent with that of Berkovits [24] in which
learners were found to ignore prosodic information
when other types of information were available
unless they listened explicitly for it.
Effective comprehension of spoken language
requires integration of all available information,
resulting in a greater computational burden within
the limits of cognitive resources [33]. One possible
reason why the learners failed to attend to prosodic
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cues in Task 1 is that they did not notice the
ambiguity at all. They tended to choose an
interpretation to avoid reprocessing that required
greater cognitive resources. It is also assumed in the
Good Enough approach that listeners tend to build
up structure and to interpret sentences in a quick and
efficient manner [7]. Task 2 provides evidence for
this possibility. In Task 3, the learners could attend
to the available prosodic cues, indicating that limited
attentional capacity might constrain their attention to
prosodic information in Task 1 and Task 2.
Our result suggests that learners have problems
in information integration. This might due to the fact
that they even did not notice the ambiguity, and
therefore tended to interpret the sentence as quickly
and efficiently as possible, to avoid using more
cognitive resources and incurring a greater
computational burden. Different types of ambiguity
and experiment paradigms might cause the
differences between this result and other studies. In
response to the original question, our data indicates
that the learners’ failure to use prosodic cues in
disambiguation might due to their cognitive
constraints, but not an inability to process the
available prosodic information.
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rhythmicity is provided by the foot [14]; in others,
like Spanish, the relevant unit is the syllable [14];
finally, some languages display a mora-based
timing, like is the case in Japanese [1]. Native
speakers of those languages learn to give more
weight to lexical candidates that are aligned with
the appropriate rhythmic unit. This procedure
increases the efficiency in deciding between
competing items and becomes a habit for speech
processing that remains during adulthood.
Evidence for such behavior in the L1 has been
provided by numerous studies ([8], [12], [13],
among others). For example, Cutler & Norris [8]
played nonsense sequences like mintesh and
mintayve to their English-speaking subjects and
asked them to identify whether a real English word
was embedded (mint in these examples). Reaction
times were faster in cases of the mintesh type
because the second vowel is a schwa, whereas the
full vowel in mintayve triggers foot segmentation,
rendering [Σ min] [Σ tayve]. This splits the target
word between two feet and changes the syllabic
affiliation of the /t/. In contrast, [Σ mintesh] forms
one only foot and /t/ remains ambisyllabic.
Some experiments have shown that the rhythmbased segmentation strategy does not adapt to the
target language the subject is listening to when this
belongs to a different rhythm type than their L1
[6]. Cutler et al.’s [7] study with English-French
bilinguals shows that even such subjects display
one dominant language. Indeed, it appears that a
maximum of one rhythm-based strategy can be
learned. However, bilinguals do not insist in using
their dominant strategy when it turns out to be
counterproductive in the other language. Rather,
they learn to inhibit it and just rely on other (nonrhythmic) segmentation strategies, like transitional
probabilities [15] or phonotactic constraints [17],
among others.
The question is raised whether an experienced
L2 speaker can also learn to inhibit the rhythmic
segmentation when it does not pay off, and how
much exposure to language is required to achieve
that [3].

ABSTRACT
Spoken word recognition is a hard task. As an aid,
native listeners develop segmentation strategies
efficiently attuned to phonological properties of
their language, like the rhythmic unit (foot,
syllable, or mora). If second-language (L2)
learners persist in using their own unit, they may
experience longer processing times and even miss
word boundaries. Therefore, the question arises as
to whether highly proficient L2-speakers can
inhibit their segmentation habits.
Native Spanish subjects and English-speaking
learners of Spanish took a word-spotting test.
Participants heard nonsensical words and had to
decide whether a real Spanish word or pseudoword
was embedded. Some words and pseudowords
were stress-initial; others were stress-medial.
Different reaction times for both conditions would
indicate foot-based segmentation. RTs showed
non-significant differences across conditions for
either L1 group. English speakers may interpret
Spanish unreduced vowels as cues to foot beginning, with their foot-based segmentation having
the same effect as syllable-based in this case.
Keywords: spoken word recognition;
acquisition; rhythmic units; Spanish.

L2

1. INTRODUCTION
Learners of a second language (L2) typically
complain that native speakers speak too fast. This
perception has its source in the difficulties that
learners have to segment the speech continuum as
an aid to lexical access. Spoken word recognition
is a complex task even for those who have that
language as a mother tongue (L1), but these
employ strategies that are efficiently attuned to the
phonological properties of the language in question
[4].
From infancy, we are biased to paying attention
to phonological elements that occur periodically
[5]. In some languages, like English, such
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All subjects were presented a word-spotting
task built on PsychoPy, v. 1.90.2. They listened
over headphones to the list of stimuli in a random
order and had to press one key if they thought there
was a real Spanish word embedded, or a different
key if they thought it was a pseudoword. For each
subject, answer keys (A and L) were randomly
assigned to Real “yes” or “no” in order to balance
the “yes” key with respect to their dominant hand.
By chance, the only left-handed subject was
assigned to answer “yes” with their left hand.
Subjects were instructed to give their answers
as quickly as possible, and their answers were
collected along with the reaction times, measured
from the end of each stimulus.

The present study examines the performance of
English-speaking learners of Spanish with different
levels of proficiency, who completed a wordspotting task in Spanish. While also being a
syllable-timed language, Spanish allows a broader
range of comparisons than French, due to the fact
that the latter does not have contrasts based on
stress position.
It is hypothesized that in sequences like
guilperro (with an initially-stressed target word,
perro), the foot boundary coinciding with the word
boundary will favor word recognition. In contrast,
word identification could be hindered in guilpapel
(where papel is split in two feet).
It is also hypothesized that this difference
according to stress position should disappear at
least in higher-level students.

2.4. Data analysis

2. METHODS

2.4.1. Outlier exclusion
Cases with raw reaction times outside 2 SD of
participants’ mean were discarded as outliers.
Additionally, three words had over 40% incorrect
answers among the English speakers and were
excluded from the analysis.

2.1. Participants
20 subjects, aged 20–26 (mean 21.5), took part of
this perception study (10 native Spanish speakers
and 10 native English speakers). One of the
English speakers was left-handed; all the other
subjects were right-handed.
Among the English speakers, four had a B1
level of Spanish, two had a B2, three had a C1 and
one had a C2, according to their Spanish teachers
(and following the Common European Framework
for Languages [2]).

2.4.2. Analysis of mean reaction times
Reaction times were analyzed by means of mixedeffects linear regression models. A model was run
only on the subset of “hit” answers (namely real
words that were correctly identified as such). Fixed
factors were the main effects of L1 (Spanish or
English), and Stress (initial or medial), and their
interaction. The model was completed with
random intercepts for Subject and Item, and the
random effect of Subject on the slope of Stress,
bearing in mind that Subject is nested in L1 and
Item is nested in Stress [9].
Another model was run including answers of all
the Types “hit”, “miss”, “false alarm”, and “correct
rejection”. Fixed factors were L1, Stress, and
Type, as well as their interactions. Random factors
were as in the previous model, with the addition of
the effect of Subject on the slope of Type.
L1, Stress, and Type were dummy-coded
(reference levels being Spanish, initial, and hit,
respectively), whereas Subject and Item were
coded as deviation from the grandmean.

2.2. Stimuli
A male native Spanish speaker recorded the list of
288 stimuli in a soundproof booth. The stimuli
consisted of nonsense sequences of three syllables.
In half of the sequences, the last two syllables
formed a real Spanish word. These were fairly
frequent words in Spanish, usually learned in
levels A1 or A2. Additionally, half of the
sequences were stressed on the second syllable,
and the other half on the third (i.e. word-initially or
word-medially in the case of real words). 36
pseudoprefixes were used as the first syllable, in a
balanced way across conditions (Real: yes/no, and
Stress: initial/medial).
Here are some examples of stimuli, with real
words underlined and stressed syllables in
boldface: fumpelo, clusdecir, dulgarso, blampibal.

2.4.3. Analysis of d-prime
Following Signal Detection Theory [11], d-prime
values were calculated for each subject to assess
overall answer accuracy. Separate d-prime values
were also obtained for initially- and mediallystressed words.

2.3. Procedure
Prior to the listening test, non-native subjects
completed the Dialang [10] vocabulary-size test for
Spanish, and scores were annotated.
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Table 1: Mean (and SD) RTs in seconds by Type of answer, L1, and Stress position.
HIT

Spanish
English
Total
Spanish
English
Total
Spanish
English
Total
Spanish
English
Total
Spanish
English
Total

MISS
FA
CREJ
TOTAL

Initial
0.588 (0.390)
0.557 (0.292)
0.573 (0.346)
0.810 (0.372)
0.849 (0.382)
0.837 (0.377)
0.874 (0.615)
0.948 (0.513)
0.920 (0.554)
0.862 (0.498)
0.787 (0.449)
0.825 (0.476)
0.728 (0.472)
0.691 (0.407)
0.709 (0.441)

Medial
0.577 (0.382)
0.542 (0.326)
0.560 (0.356)
0.649 (0.453)
0.819 (0.548)
0.770 (0.524)
0.781 (0.516)
1.015 (0.616)
0.930 (0.591)
0.923 (0.559)
0.795 (0.422)
0.860 (0.501)
0.748 (0.508)
0.695 (0.429)
0.722 (0.471)

Total
0.582 (0.386)
0.550 (0.309)
0.566 (0.351)
0.742 (0.411)
0.836 (0.460)
0.808 (0.446)
0.828 (0.568)
0.983 (0.568)
0.925 (0.572)
0.892 (0.529)
0.791 (0.436)
0.842 (0.488)
0.738 (0.489)
0.693 (0.418)
0.715 (0.455)

In general, RTs are longer in the medial stress
condition, but they are actually shorter for stimuli
that are real words (i.e. hit or miss), for both
language groups.
There appears to be a trend for shorter RTs in
correct answers (especially hits), except that
Spanish speakers’ correct rejections are the longest
type for this group.
Despite the trends that have been pointed out,
the linear mixed model shows that neither the main
effects of L1 and Stress, nor their interaction, are
significant. L1: F(1, 18.05) = 0.33, ns. Stress: F(1,
84.14) = 0.53, ns. L1 x Stress: F(1, 47.61) = 0.13,
ns. Substituting Level of Spanish for L1 does not
produce any significant effect, either.
Including Type in the model does yield a
significant main effect of Type: F(3, 21.5) = 15.20,
p < 0.001, all types increasing RT with respect to
reference level (hit). A post hoc comparison with
Bonferroni correction shows that, on average, false
alarms are coupled to significantly longer RTs than
correct rejections; misses, instead, are not
significantly different to false alarms or correct
rejections with respect to RTs. Additionally, there
is a significant triple interaction: L1 x Stress x
Type, F(3, 4734.8) = 3.95, p < 0.01, manifested in
an increased RT for English speakers’ false alarms
given as a response to medially-stressed words.

d-primes for native and non-native Spanish
speakers were compared by means of a t-test. A
further t-test, paired by subjects, was used to
compare d-primes in both Stress conditions.
Similarly, paired comparisons were carried out for
counts of hits, misses, false alarms, and correct
rejections, each for both initially- and mediallystressed words (or pseudowords).
3. RESULTS
Less than 2% of the cases were excluded as
outliers following the criteria explained above.
The results of the vocabulary test did not seem
very reliable: for instance, some subjects in the C1
level scored lower than some subjects in the B1
level. Therefore, only the standardized levels (B1–
C2) were taken into account. A more robust test
should be used in future iterations of the experiment. Given the following results, non-native
subjects do not appear to have any systematic bias
towards knowing more of the stress-initial than the
stress-medial words, or vice versa.
3.1. Reaction times
Mean reaction times (RTs) by Type of answer, L1,
and Stress position are shown in Table 1.
Unexpectedly, the English-speaking subjects (i.e.
the non-natives) produce overall shorter RTs than
the native Spanish speakers, and that cannot
possibly be attributed to age differences [16], given
the age homogeneity among groups, t(15.6) = 1.71,
ns. By Type of answer, English speakers respond
faster only when it is a correct answer (either hit or
correct rejection), but more slowly when they
produce incorrect answers (misses or false alarms).

3.2. d-prime values
Table 2 shows d-prime values for each
participant. In general, lower-level students (B1)
are less accurate in their responses, while the
highest d-primes are achieved by native speakers.
However, there are some non-native individuals
with better results than some native individuals.
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Table 2: Stress-(i)nitial and stress-(m)edial hit
and false alarm counts per subject ID (upper
bound is 72 in each case). d-prime values are
added for each Stress condition, as well as global
d-prime, used to sort data from lower to higher
overall accuracy of each individual’s strategy.

ID
13
11
19
12
16
05
18
08
07
15
03
04
01
14
10
20
17
06
02
09

Level Hiti FAi d’i Hitm FAm
B1
68 29 1.79 62 29
B1
66 06 2.77 54 09
B1
63 13 2.10 64 15
B2
57 05 2.28 57 02
C1
68 10 2.67 61 12
native 68 10 2.64 68 10
B2
68 04 3.19 64 15
native 66 05 2.86 59 01
native 71 12 3.16 71 13
C1
72 07 4.39 64 13
native 69 06 3.11 70 05
native 69 03 3.46 65 03
native 70 03 3.65 71 08
B1
67 01 3.68 64 07
native 71 05 3.66 70 05
C2
70 04 4.68 67 06
C1
64 01 3.48 61 02
native 70 04 3.79 67 04
native 71 01 4.34 71 05
native 71 02 4.39 72 05

d’m
1.74
2.01
3.07
2.90
2.71
2.97
2.52
3.41
3.27
2.85
3.71
3.38
3.34
4.65
3.60
3.51
3.94
4.65
3.92
4.65

Further studies with a larger sample are needed to
confirm this and to see what happens with learners
of the lowest levels, A1 and A2, which were not
represented in this study.
If they are really not using the foot for
segmentation, they might be resorting to other
strategies, like phonotactic constraints. Consonantal transitions between the pseudoprefixes and the
words were divided into four Groups, according to
whether they are legal within words in Spanish,
English, both, or none (illegal sequences should
necessarily signal a word boundary and facilitate
segmentation). There is found to be no significant
effect on RTs of either Group, F(3, 26.9) = 1.52, or
the interaction Group x L1, F(3, 26.9) = 2.05.
A subtle difference between this design and that
of previous studies could also explain these results.
Here the nonsense sequences (fumpelo, clusdecir,
etc.) had an extra initial syllable instead of final
like in mintesh and mintayve. In the stress-medial
condition, even if it is true that the target word is
split between two feet, there is no change in the
syllabic affiliation of any segment, as happened
with mintayve. A future version of this experiment
should compare between logatomes including the
extra syllables at the beginning and at the end.
An alternative explanation has to do with
Spanish having no vowel reduction in unstressed
syllables. Should English-native listeners not pay
attention to the stress position itself, but take those
full vowels to mean that every syllable is footinitial, in that case the foot-based strategy would
have the same effect as syllable-based segmentation. Future studies with a syllable-timed
language that nonetheless has vowel reduction, like
Catalan, may cast light on this.
Spoken word recognition is a phenomenon of
paramount importance in language processing, and
poses a lot of troubles for L2 learners. However,
more evidence is needed to know all the factors
affecting the cognitive processes that lie behind it,
especially in the case of the processing of nonnative languages.

d’
1.77
2.36
2.38
2.54
2.69
2.78
2.81
3.02
3.21
3.31
3.35
3.42
3.43
3.59
3.63
3.90
3.93
4.01
4.11
4.24

Regardless of the native language, there appears
to be some subjects with higher scores in medialstress condition, and others with higher scores
stress-initially.
However, d-primes are not significantly
different in the initial stress condition from the
medial stress for either language group, as
reflected by paired t-tests. Spanish: t(9) = 1.42, ns;
English: t(9) = 0.04, ns.
A paired comparison of the count of each
answer type shows that native Spanish speakers
produce more correct answers stress-initially,
whereas there is no Stress effect on the incorrect
answers. Hit: t(9) = 16.38, p < 0.001. Miss: t(9) =
1.96, ns. False alarm: t(9) = 0.12, ns. Correct
rejection: t(9) = 3.80, p < 0.01. The same finding is
true for English speakers. Hit: t(9) = 5.11,
p < 0.001. Miss: t(9) = 0.85, ns. False alarm: t(9) =
−0.74, ns. Correct rejection: t(9)= 3.88, p < 0.01.
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4. DISCUSSION AND CONCLUSIONS
English-speaking subjects show no different RTs
from Spanish speakers in the word-spotting task,
and no different d-primes according to Stress
position either, which could be taken to mean that
they have already learned to inhibit foot-based
segmentation, at least starting from level B1.
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related cognitive-motor decline in reaction
times in an ecologically valid video game
task begins in early adulthood. PLoS ONE,
9(4), e94215.
[17] Weber, A., Cutler, A. 2006. First-language
phonotactics in second-language listening.
Journal of the Acoustical Society of America,
119(1), 597–607.

6. REFERENCES
[1]
[2]

[3]
[4]
[5]
[6]

[7]

[8]

[9]

[10]
[11]
[12]

[13]

[14]
[15]

[16]

Bloch, B. 1950. Studies in Colloquial
Japanese IV: Phonemics. Language 26, 86–
125.
Council of Europe, 2001. Common European
framework for languages: Learning,
teaching, assessment. Strasbourg: Language
Policy Division.
Cutler, A. 2000. Listening to a second
language through the ears of a first.
Interpreting 5, 1–23.
Cutler, A. 2012. Native listening: Language
experience and the recognition of spoken
words. Cambridge, MA: MIT.
Cutler, A., Mehler, J. 1993. The periodicity
bias. Journal of Phonetics 21, 103–108.
Cutler, A., Mehler, J., Norris, D., Segui, J.
1986. The syllable’s differing role in the
segmentation of French and English. Journal
of Memory and Language 25, 385–400.
Cutler, A., Mehler, J., Norris, D., Segui, J.
1992. The monolingual nature of speech
segmentation by bilinguals. Cognitive
Psychology 24, 381–410.
Cutler, A., Norris, D. 1988. The Role of
Strong Syllables in Segmentation for Lexical
Access. Journal of Experimental Psychology:
Human Perception and Performance 14,
113–121.
Gelman, A., Hill, J. 2007. Data analysis
using regression and multilevel / hierarchical
models. Cambridge: Cambridge University
Press.
Lancaster University. n. d. Dialang.
https://dialangweb.lancaster.ac.uk/
MacMillan, N. A., Creelman, C. D. 1991.
Detection theory: A user’s guide. Cambridge:
Cambridge University Press.
Mehler, J., Dommergues, J. Y., Frauenfelder,
U., Segui, J. 1981. The syllable’s role in
speech segmentation. Journal of Verbal
Learning and Verbal Behavior 20, 298–305.
Otake, T., Hatano, G., Cutler, A., Mehler, J.
1993. Mora or syllable? Speech segmentation
in Japanese. Journal of Memory and
Language 32, 258–278.
Pike, K. L. 1945. The Intonation of American
English. Ann Arbor, MI: University of
Michigan Press.
Saffran, J. R., Newport, E. L., Aslin, R. N.
1996. Word segmentation: The role of
distributional cues. Journal of Memory and
Language 35, 606–621.
Thompson, J. J., Blair, M. R., Henrey, A. J.
2014. Over the hill at 24: Persistent age-

2247

Perception of American English junctures by Chinese EFL learners
Qi Zhang1,2 & Lei Wang1,3
Tongji University1, Donghua University2, Radboud University3
zhangqi@dhu.edu.cn, wl1410512@gmail.com

ABSTRACT
In this investigation, we report an identification
experiment on the perception of American English
junctures (i.e., word boundary) by advanced Chinese
EFL learners. The stimuli contained thirteen phrase
pairs that share the same segmental string, but differ
in the word boundary location, e.g., a nice man vs an
ice man, read by two native American speakers in a
consistent stress pattern. Twenty-six participants
listened to the randomly presented stimuli and
performed a binary forced-choice task. The results
showed that the Chinese listeners are able to utilize
the acoustic information in correctly locating the
word boundary. A talker effect was also reported that
faster speech inhibits the correct segmentation.
Finally, it was shown that some stimuli are easier to
segment. This investigation may contribute to the
learnability of L2 juncture cues and to issues in L2
speech perception in general.
Keywords: juncture cues, American English, word
boundary, Chinese EFL learners.
1. INTRODUCTION
Juncture refers to ‘any phonetic feature whose
presence signals the existence of a grammatical
boundary’ [14, pp. 189]. More generally, it marks
syllable boundaries and distinguishes word/phrase
pairs that would otherwise be identical. For instance,
the two phrases keeps talking and keep stalking in
English share the same segmental composition
/kipstɔkıŋ/, but are pronounced differently in a
number of (subtle) ways by native speakers. As
summarized in Altenberg [1, pp. 331], among other
differences, the /t/ in keeps talking shows a longer
period of aspiration (hence a longer VOT) than that
in keep stalking; the /s/ in keep stalking has a longer
duration than in keeps talking; the /p/ in keep stalking
has a longer closure duration than in keeps talking;
the /s/ in keep stalking is greater in amplitude than in
keeps talking.
Production and perception of word juncture by native
speakers have been carried out in English [6,8,9], as
well as in many other languages ([5] on Swedish; [11]
1980 on French; [10] on Dutch; [16] on Mandarin).
Despite the fact that the syllable affiliation of speech
sounds is controversial and is subject to a number of
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factors or principles, e.g., those summarized in Setter
et al. [13, pp. 279], systematic juncture cues have
been observed that distinguish otherwise ambiguous
word/phrase pairs. In addition to the presence of
aspiration of /p/ and the difference in (sub-)segmental
duration and amplitude or intensity profile mentioned
above, other cues include the variation in formant
structure/transitions, fundamental frequency, and the
presence of vowel laryngealization or a glottal stop
before vowel-initiated syllables. There is little doubt
that these junctures cues are reliably (though not
equally) employed by native speakers in correctly
locating the syllable boundaries (e.g., [6]) and some
cues like glottal stop, laryngealization, aspiration
have been shown to be stronger than other cues [3, 9].
However, little is known to what extent how nonnative speakers rely on these juncture cues in speech
segmentation.
We intend to provide a pilot study on the perception
of American English juncture by advanced Chinese
EFL learners, i.e., university students majoring in
English in an attempt to open up avenues for future
research. The major question we address is whether
advanced Chinese EFL learners of English are able to
segment phrase minimal pairs like keeps talking and
keep stalking, based on the acoustic information in the
speech signal. Though this experiment is not meant to
test a certain hypothesis, we believe that the results
may illuminate a number of theoretical issues that
will be helpful for our future experiments.
2. METHOD
2.1. Preparation of stimuli

Thirteen phrase pairs were adapted from the previous
studies [6,13], as shown in Table 1. Recordings of
another word pair, a name vs an aim, were also
collected and were used in the training. The word
pairs were classified into three groups depending on
whether the juncture consonant is an obstruent, a
sonorant or a cluster. The word pairs 1–5 have a
single obstruent consonant, the pairs 6–9 a sonorant
consonant and the pairs 10–13 a consonant cluster.
The members within each pair were also grouped
depending on the number and the consonantal/vocalic
status of the segment(s) right before and after the
word boundary where juncture occurs, i.e., whether it

is V#C, C#V, C#C, C#CC, CC#C or V#CC (C and V
stand for consonant and vowel, respectively).

2.3. Procedure

Table 1: Thirteen phrase pairs.
single
obstruent

No.
1
2
3
4
5

single
sonorant

6
7
8
9

cluster

10
11
12
13

V#C
why pink
my take
buy coil
grey day
why
choose
see lying
a nice box
hoe maker
C#CC
keep
sticking
it sprays
beer drips

speakers who provided the recordings also paritipated
in the experiment.

C#V
wipe ink
might ache
bike oil
Grade A
more ice
seal eyeing
an ice box
home acre
CC#C
might rain
keeps
ticking
it’s praise
beard rips

C#C

white
shoes
more rice

V#CC
my train

Two native American speakers, one male (age: 54)
and one female (age: 53), provided the recordings.
The male speaker was born in Columbia and the
female speaker in Albany Oregon. They spent most
of their lives in America.
The digital recording was conducted in a quiet
office/classroom, using a Shure SM10A headmounted dynamic microphone connected to a laptop
via a Shure X2u pre-amplifier. They were asked to
pronounce the phrases both in isolation and in carrier
sentences, using the same stress/pitch pattern that
they feel comfortable with for each phrase pair. Only
the isolated ones were used in the perception study.
The speech sounds were digitalized at a sampling
frequency of 12,000 Hz for the male speaker and
44,100 for the female speaker in Praat [2], the latter
of which was later resampled at 12,000 Hz.

The experiment was conducted in a studio for English
listening and pronunciation practice centre at the
School of foreign languages in Donghua University,
where each participant was seated before a computer
screen and equipped with a headset. Test materials
were presented using ExperimentMFC implemented
in Praat [2]. Before the experiment the participants
were given a word list to familiarize themselves with
the test phrases so as to minimize the word frequency
effect. The stimulus was followed by a 600-ms 500Hz beep and a 400-ms pause and was played once
each time. There was a three-trial training session
before the experiment. Upon hearing a sound,
participants were instructed to perform a binary
forced-choice identification task, where they have to
press a button corresponding to one of the two phrases
on the computer screen. The experiment was selfpaced. After they have made a choice, they would
click the ‘next’ button, situated in the lower right
corner, to lead to the next stimulus. The ‘previous’
button was situated in the mirrored position in the
lower left corner, the clicking of which would lead to
the previous stimulus. There was also a ‘replay’
button, situated at the centre of the screen, which
participants were allowed to click to play the current
sound a second time. There are four repetitions for
each phrase (208 stimuli: 13 phrase pairs * 2 members
* 2 speakers * 4 repetitions), half of which were
presented with the reverse order of the phrase buttons.
The stimuli were randomly presented to the
participants. The experiment lasted roughly half an
hour.
3. RESULTS

2.2. Subjects

Twenty-six university students, 21 females and 5
males (age, mean: 21.3, sd: 1.2, range: 19–23), from
Donghua University (Shanghai) were recruited.
Among them, 22 participants are majoring in English
(sophomore 5, junior 2, senior 10, postgraduate 5) and
the remainder four in engineering (postgraduate 4).
They were paid a small fee for their participation.
None of them had self-reported speaking or hearing
problems. Sixteen subjects were born from the
northern part of China and mastered a second
Mandarin dialect besides Standard Mandarin. By
contrast, the remainder subjects were from the
southern part and spoke either a Wu dialect (9
speakers, e.g., Shanghai, Suzhou) or Min dialect (1
speaker) besides Standard Mandarin. The two native
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3.1. Acoustic juncture cues

Visual inspection of the sound wave and the
corresponding spectrogram revealed some widely
attested acoustic juncture cues. In the word pairs 1–5,
10 and 13, the coda obstruents that resyllabify with
the following segments show various degree of
lenition and a shorter closure phase, compared with
their word-initial counterparts (see Figure 1). In the
word pairs 1–4 and 6–9, vowel-initiated words were
often preceded by a short silent gap (see Figure 2) or
laryngealization (see Figure 2); alternatively, a glottal
stop was inserted before the vowel. In the word pairs
7 and 8, an earlier vowel formant transition into the
consonant in seal eyeing and a longer portion of
vowel nasalization in an ice man would appear to
serve a salient acoustic cue (see Figure 2). In the word

pairs 11 and 12, aspiration would seem to play a
primary role in segmentation.

Figure 3: Overall accuracy (% correct) for the 26
EFL learners

Figure 1: why pink vs wipe ink

lenited /p/

3.2. Speaker- and listener-dependent patterns

silence gap

To assess the effect of talker (i.e., fast talker vs slow
talker) on the overall accuracy across the phrases, a
paired-sample t-test was conducted, with talker as a
within-subjects factor. The results showed that the
effect of voice is significant (t(1,25) = –13.812, p
< .001), indicating that listeners performed better
when exposed to the slow male speech (mean
accuracy = 90.61%) than the fast female speech
(mean accuracy = 76.48%).

Figure 2: see lying vs seal eyeing

3.3. Stimulus-dependent patterns
Table 2: Percentage correct for each phrase

an earlier formant
transition
single
obstruent

laryngealization
There was also a significant difference in the speech
rate at which the two speakers pronounce the test
material. The utterance duration was extracted for
each phrase and for each speaker (the onset was
located at the release burst if the utterance begins with
a plosive). A paired-sample t-test yielded a significant
effect of talker on the utterance duration with the
significant level of 0.05, indicating that the female
speech is faster than the male speech.
3.1. Overall accuracy

For the 26 EFL learners, the overall accuracy per
subject over the entire dataset (208 stimuli) was
calculated. The distribution was shown in Figure 3.
With an average accuracy of 83.54% (standard
deviation = 5.69%, range = 72.60–94.71%), their
performance was comparable to the two native
speakers (85.10% and 83.17% for the male and the
female speaker, respectively).
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single
sonorant

cluster

No.

C

1
2
3
4
5
6
7
8
9
10
11
12
13

p
t
k
d
tʃ
r
l
n
m
tr
st
spr
dr

Chinese
listener
(mean % correct)
94.47%
92.07%
79.81%
82.93%
75%
92.79%
91.35%
87.5%
69.95%
97.60%
79.09%
70.67%
72.84%

English
listener
78.13%
100%
87.5%
87.5%
78.13%
100%
78.13%
84.38%
56.25%
96.88%
81.25%
87.5%
78.12%

The mean percentage correct of both Chinese and
English listeners for each phrase pair is listed in Table
2 and some pairs would appear to be easier to segment
than others. Within the ‘single obstruent’ pairs,
juncture consonants /k, d, tʃ/ are more difficult to
segment than /p/ and /t/. When the juncture consonant
is a single sonorant, nasals /m/ and /n/ are more
difficult to segment than /r/ and /l/.
4. DISCUSSION
The overall accuracy of the Chinese EFL learners is
83.54%, far above chance level (50% correct),

comparable to that of the two native speakers, who
partially listened to their own speech and were thus
presumably expected to achieve their optimal
performance. Though the number of native American
listeners is not large enough to allow a direct
statistical comparison between the native and nonnative listener groups, we would like to conclude that
by and large Chinese EFL learners are able to use
acoustic juncture cues in word segmentation of
American English, at least for the young advanced
learners of Chinese that were tested.
One logical reason to their attainment of the L2
juncture cues lies in the fact that some cues in
Mandarin Chinese are readily and positively
transferable to L2 speech segmentation. For instance,
aspiration distinguishes voiceless aspirated plosives
(e.g., /p/ vs /ph/) and affricates (e.g., /ts/ vs /tsh/) in
Mandarin. Onsetless non-high vowels are often
preceded by a glottal stop [ʔ] or some laryngealiztion
and more rarely a velar fricative [ɣ] or a velar nasal
[ŋ] [4]. Sensitivity to such cues in their first language
could aid their L2 segmentation, especially when they
serve strong cues for English juncture [9].
There is also a talker effect that stimuli produced by
a naturally slow talker induced a greater percentage
of correct identification than by a naturally fast talker.
Similar results were obtained by Schwab et al. [12].
In our experiment, for one thing, it is evident that the
allophonic realizations, i.e., the position- or contextdependent variation of segments, at the word
boundary are more or less hyperarticulated and hence
more canonically realized in the speech of the slow
talker than in that of the fast talker. The mean increase
in the percentage correct is 14.1% (sd = 5.22%, range
= 4.81–25.96%) from the fast speech to the slow
speech. For the two native speakers in the current
experiment, the female talker showed a weak increase
(4.81%), while the male speaker a more sizable one
(24.04%). This indicates that there is a huge interspeaker variation in the performance for both the L2
and the native listeners.
Some juncture patterns would appear to be easier to
segment than others. Interestingly, the disparity in
accuracy within the ‘single obstruent’ type follows
from the markedness scale of these consonants, if the
assumption is that less marked segments are easier to
acquire, as suggested by e.g., [7]. Specifically, the
affricate /tʃ/ is more marked than the singleton
plosives; voiced /d/ is more marked than the voiceless
/t/; the velar voiceless plosive /k/ is more marked than
the voiceless labial and dental plosives /p, t/.
Alternatively, the low accuracy in the pair why choose
and white shoes may also be attributed to the fact that
neither choose nor shoes begins with a vowel, so that
additional salient cue like the insertion of [ʔ] or
laryngealization that appear in the pairs 1–4 are not
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applicable. The high accuracy in /l/ and /r/ juncture
consonants suggest that their allophonic variations
are strong juncture cues compared with nasal juncture
consonants [1,9, pp. 719].
The vocoid nature of Mandarin Chinese nasal coda
has been shown in [15,16], which blocks its
resyllabification with the following vowel across the
word boundary. This lack of resyllabification has also
been shown to be negatively transferred to the L2
speech of English such that the first /n/ in an ice man
is often pronounced without a complete oral closure
by Chinese EFL learners [15]. However, our
investigation suggests that the /n/ juncture consonant
was readily recognizable (with an accuracy of
87.5%). This may reflect a misconnection between
speech production and perception. The successful
perception is probably because similar cues in
Chinese were also employed, though not explicitly in
distinguishing this juncture type. Xu [16] showed that
Chinese words /fa#nan/, /fan#an/ and /fan#nan/ have
distinct acoustic patterns. The distinction between
/fa#nan/ and /fan#nan/ is acoustically identical to that
in a nice box and an ice box.
5. CONCLUSION
The recognizability of the acoustic juncture cues in
American English by twenty-six advanced Chinese
EFL learners was evaluated using a binary forcedchoice identification test. Listeners heard recordings
of thirteen minimal phrase pairs produced by one
naturally fast male speaker and one slow female
speaker, both of which are native Americans. The
results showed that the Chinese listeners recognized
the juncture pairs at above-chance levels, suggesting
that L2 juncture cues are attainable. The slow speech
was more easily identified than the fast speech. It was
also shown that some phrase pairs were easier to
segment than others, suggesting that some crosslinguistic and language-specific factors like
markedness and transfer may play a role in L2 speech
segmentation. An improved understanding of this
matter can benefit from a larger collection of data,
especially from native English speakers, as well as
from future production data of such sentences from
these Chinese speakers.
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ABSTRACT

tion training can improve the production while [9]
found there was no significant production improvement after training. Results from some other studies
demonstrated that high-variability training was not
always more effective than low-variability training
[3, 16, 19, 7].
Normally there are two kinds of perception tasks
in the auditory training, namely identification and
discrimination. It is claimed that identification task
and discrimination task tap into different aspects
of perception [5, 11]. Recently there were several studies looked into the differences of effectiveness between identification training and discrimination training, the results showed that both identification training and discrimination training can improve learners’ L2 perception [17, 21], but no clear
difference between the two methods was found [21].
Another specific issue is whether auditory training can improve learners’ performance in both identification and discrimination. Recent studies revealed that the identification training may not be as
effective in discrimination task as in identification
task [11], indicating the effectiveness of identification training is task based. Therefore the focus of
the current study is to investigate whether identification training has the same effects on both identification and discrimination. More specifically, native
Chinese learners’ identification and discrimination
of English vowels were examined before and after
high-variability identification training.

Previous studies have demonstrated that high variability auditory training is generally effective. However more recent studies also revealed that the effectiveness of training can be task based. In the
current study, a group of native Chinese learners of
English underwent a 16-session identification training on English vowels. Two types of tasks, including category identification and discrimination were
used in the pre- and post-tests. Although significant
training effect were found for both tasks, learners’
performance improvement in the discrimination task
was very limited, comparing to a near thirty percent
points improvement in the identification task. This
result provides more evidence that the effectiveness
of high variability training is task based, supporting
the claim that learners’ underlying fundamental L2
category processing mechanism may not be really
changed by training.
Keywords: Auditory training, identification, discrimination, vowels.
1. INTRODUCTION
Acquiring the sounds in a second language (L2) is
often difficult for adult language learners. However
Speech Learning Model [4] claims that learners’ L2
sound learning ability remains intact over the life
span. Auditory training has been used for decades as
a method to improve learners’ L2 sound perception.
Over the past 20 years, high-variability phonetic
training (i.e., using multi-talker, multi-phonetic environment, natural speech etc.) has gained enormous attention and has been adopted in various kind
of training tasks, including training learners’ perception ability of consonant [14, 15, 2, 8], vowels
[12, 15], tones [22], and their phoneme production
ability as well [11, 21].
Generally, the high-variability training has been
reported effective in most of the researches, however more and more studies have revealed that the
effectiveness of training might not be as straightforward as expected. For example, [20] found percep-

2. METHOD
The current study followed the pre-test—training—
post-test paradigm. Two types of perception test,
namely, category identification and category discrimination were included in the pre/post tests,
while 16 sessions of identification training were conducted in between.
2.1. Subjects

24 native Chinese subjects, including 19 males and
5 females, were recruited in the current study. These
subjects were undergraduate and postgraduate stu-
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word "same" or "different". All together, there were
420 trials in the discrimination test. The two stimuli in each trial were always from different speakers, and were presented with a 300ms interval. In
the category identification test, subjects were asked
to classify the vowel in each /hVd/ word they heard
into one of the 15 vowel categories, by clicking the
corresponding button on the computer screen with
the correct /hVd/ words. There were 270 tokens all
together, 18 tokens for each vowel. The order of
the stimuli presentation in both discrimination and
identification tests were random. Subjects from both
groups had the same time interval between pre and
post tests.
The training had 16 sessions, each contained 4
blocks as described earlier. There were 10 tokens
for each vowel, 150 tokens for each session all together. The presentation sequence of the 4 blocks
in each session was random to each subject. Subjects were required to identify the vowel in the word
they heard, and click the correspondent button on
the screen from the 4 or 3 options according to the
different blocks. In the training, although subjects
heard various forms of words with the 15 vowels,
they only saw the /hVd/ word on screen. If they
made a wrong click, the correct answer would be
highlighted and they had to click the right answer
and listened again to proceed. The whole training
was finished in 4 consecutive days, 4 sessions for
each day.

dents from Jiangsu University of Science and Technology, China, studying non English major courses,
with the age ranged from 20 to 30 years. These
subjects were relatively low level English learners,
without any reported hearing problems. They were
all from the central-east (Jianghuai) Mandarin dialect spoken region. These subjects were randomly
divided into two groups, a control group and an experiment group, each contained 12 subjects. The
subjects in the control group were only given the
pre- and post-tests while the subjects in the experiment group finished the whole pre-test—training—
post-test program.
2.2. Materials

Real English words with 15 English vowels (including /I i: e æ 2 A: 6 O: U u: eI aI OI @U aU/) were
used as stimuli in the current study. The stimuli were
recorded from 9 native British speakers (5 males and
4 females). They were university teachers in UK
or English teachers in China. They were asked to
produce all the stimuli with RP. The recordings took
place in sound attenuated research labs in UK and
China. Stimuli from 3 speakers (2 males and 1 female) were used in the pre/post tests, while stimuli
from the rest 6 speakers were used in training.
For the pre/post test stimuli, the 15 vowels were
put into a /hVd/ context (e.g., hid, heed, head, had).
For the training stimuli, the 15 vowels were divided
into 4 blocks (/e æ 2 A:/, /I i: eI aI/, /6 O: @U/, /U u:
OI aU/). Minimal pair words with various forms
of consonant context were recorded for each block
(e.g., bed, bad, bard, bud and met, mat, mart, mutt
for /e æ 2 A:/, feed, fid, fade, fide and sleet, slit, slate,
slight for /I i: eI aI/) to form highly variable phonetic
environments.

3. RESULTS
3.1. Identification

Fig. 1 shows the identification accuracy of control
group and experiment group before and after training. Repeated-measures of ANOVA confirmed that
there was a significant main effect of test (pre-post)
[F(1, 22) = 353.4, p < .001, η p2 = .941], a significant difference between the two groups [F(1, 22) =
14.3, p < .01, η p2 = .394], and a significant interaction between test and group [F(1, 22) = 314.5, p <
.001, η p2 = .935]. Further simple effect analysis
with Bonferroni adjustment proved that there was
no significant difference of identification accuracy
between the two groups before training (p > .05),
but a significant difference after training (p < .001).
There was almost no change of identification performance for the control group after training (55.1%
for pre-test and 55.9% for post-test, p > .05), while
the experiment group had a significant 28 percentage points improvement (p < .001) from pre-test
(51.8%) to post-tests (79.8%).

2.3. Procedure

The pre/post tests were carried out one day before/after the training program. Subjects first finished the category discrimination test, then the category identification test. In the category discrimination test, each of the 15 vowels was paired with
another vowel to form 21 "different" contrasts, each
contained 10 stimuli trials. And the 15 vowels also
paired with themselves to form 15 "same" contrasts,
each contained 14 trials. These particular "different"
contrasts were among the most difficult contrasts for
Chinese learners according to previous study’s results. The "same" contrasts served as fillers. Subjects were asked to judge whether the two /hVd/
words they heard in each trial are the same, and
click the button shown on a computer screen with the
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3.2. Discrimination

Figure 1: Mean identification accuracy% over all
vowels for both groups.

The mean discrimination accuracy across all 36
vowel contrasts for both control and experiment
groups before and after training are shown in Fig. 2.
Repeated-measures of ANOVA indicated that there
was a significant test effect [F(1, 22) = 18.9, p <
.001, η p2 = .462]. However, not like in the identification test, there was no significant group difference [F(1, 22) = 3.3, p > .05, η p2 = .131]. There
was a significant test*group interaction [F(1, 22) =
9.7, p < .01, η p2 = .305]. Further simple effect
analysis with Bonferroni adjustment revealed that
there was no significant difference between control group (62%) and experiment group (62.6%) before training (p > .05). After training, the experiment group’s performance slightly but significantly
improved (66.7%, p < .001) while no significant
change was found for the control group (62.6%,
p > .05). The experiment group’s overall discrimination accuracy was slightly but significantly better
than the control group’s after training (p < .01).

pre
post

90

80

70

60

50

40

30
Control Group

Experiment Group

Table. 1 shows the experiment group’s identification accuracy for individual vowels before and after
training. Paired-samples t-tests indicated that only
3 vowels’ improvements were not reached statistical significance. Among these 3 vowels, /OI/ had
reached 100% accuracy while the other two, /e/ and
/æ/, were among the most difficult sounds to identify for Chinese learners after training. In fact, Chinese learners had a lot of mutual confusions between
these two vowels in both pre- and post-tests. Another noteworthy result is that most of the lax vowels
such as /I, e, æ, 6, U/ were worse identified than their
tense counterparts and than most of the diphthongs,
especially after training.

Figure 2: Mean discrimination accuracy% over
all vowel contrasts for both groups.

24
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65

60

Table 1: Identification correct% for individual vowels in pre- and post-tests for experiment group. P-values were from separate pairedsamples t-tests performed for each vowel.
Vowels
I
i:
e
æ
2
A:
6
O:
U
u:
eI
aI
OI
@U
aU
mean

pre
50
69
53
38
16
59
54
30
32
47
43
81
89
43
72
51.7

post
64
98
65
52
73
85
75
75
62
84
90
99
100
81
95
79.9

improve
14
29
12
14
57
26
21
45
30
37
47
18
11
38
23
28.2

pre
post

70

13

15

55

sig.
p < .05
p < .05
p = .139
p = .119
p < .05
p < .05
p < .05
p < .05
p < .05
p < .05
p < .05
p < .05
p = .06
p < .05
p < .05
p < .05

50
Control Group

Experiment Group
group

Table 2 lists 10 vowel contrasts with the lowest
discrimination accuracy in post-test for the experiment group, and their discrimination accuracy in
pre-test as well. The table also provides the mean
discrimination accuracy for "same" vowel contrasts,
"different" vowel contrasts and overall mean across
all contrasts separately. It can be seen that learners’
discrimination accuracy for "same" vowel contrasts
didn’t change much after training, at a quite high
level in both pre- and post-tests (over 90%). On the
contrary, learners’ discrimination accuracy for "different" vowel contrasts remained at a low level even
after training, with a significant but rather small 6.7
percentage points improvement from pre- to post-
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test. In fact, the 10 most difficult contrasts in posttest were all "different" vowel contrasts, and 9 of
them were also among the 10 most difficult contrasts
in pre-test. Table 2 also shows that half of these
10 vowel contrasts’ discrimination accuracy actually
didn’t improve significantly after training, indicating
a rather limited training effect for many of the tenselax or lax-lax vowel contrasts.

fication ability. This result is in line with [11], that
native French speakers’ discrimination ability of English vowels didn’t improve much after 8 sessions
of identification training. It is claimed that discrimination task taps into different aspects of perception
from category identification task [5, 11]. Thus the
current study provides more evidence that the effect
of auditory training is task based.

3.3. Relation between identification and discrimination

On the level of individual vowel, the results
showed that learners still had great difficulty in distinguishing some English tense/lax and lax/lax contrasts even after training (e.g., /6-2/, /e-æ/ and /u:U/). This was not a surprising result because compared to the crowed English vowel space which has
12 monophthongs [18], the Mandarin Chinese only
has 6 normal monophthongs [13]. Chinese monophthongs are more similar to English tenses vowels,
thus the Chinese listeners may treat the English lax
vowels as allophones to their tense counterparts, and
the confusions are predictable [1, 4].

A series of Pearson’s correlation coefficient analyses
were carried out on experiment group to investigate
the relation between learners’ identification and discrimination performances. The results showed that
there was significant medium correlation between
listeners’ identification accuracy and discrimination
accuracy in pre-test (r = .641, p < .05) but no significant correlation in post-test (r = .466, p = .127).
Further analysis demonstrated that there was no significant correlation between learner’s identification
improvement and discrimination improvement from
pre to post-test (r = .555, p = .061). These results thus indicated that the effectiveness of auditory
training may not be the same for different perceptual
tasks.

Consistent with [11], no significant correlation
between learners’ identification improvement and
their discrimination improvement was found in the
current study. Again this result suggests that the
effect of training is task based, which means what
learners benefited from the identification training
might not be suit for discrimination task. [10] argued that training can not change learners’ low level
of processing such as cue weighting. [11] suggested
that training can improve learners’ ability of applying existing category knowledge to high variability
speech rather than changing the category representations. Current study’s results, especially the discrimination test results, indicated that the identification training was not really successfully in helping
Chinese learners to acquire the crucial vowel quality differences between English tense/lax contrasts,
supporting the claim that learners’ underlying fundamental L2 category processing mechanism may
not be really changed by training.

Table 2: Discrimination correct% for the 10 most
difficult contrasts in pre- and post-tests for experiment group. P-values were from paired-samples
t-tests performed for each contrast.
contrasts
6-2
e-æ
u:-U
æ-2
O:-6
2-A:
i:-I
I-eI
I-e
@U-6
mean overall

pre%
22
34
25
33
26
30
23
42
39
45
62.7

post%
28
32
33
41
43
44
45
48
48
49
66.7

% impr.
6
-2
8
8
17*
14*
22*
6*
9*
4
4*

sig.
p = .239
p = .600
p = .166
p = .082
p < .05
p < .05
p < .001
p < .05
p < .05
p = .096
p < .001

The large set of vowels and multi-talker tokens
used in the current study might be among the reasons why learners’ discrimination improvement was
limited. High variability may cause more cognition
load for learners, and they couldn’t generalize the
crucial distinctive features between L2 contrasts in
a short intensive training. It is demonstrated in [6]
that explicit training was more effective than implicit training on Iranian learners’ identification of
English vowels. Further study is required to examine whether high-variability auditory training with
explicit instruction can improve both identification
and discrimination.

4. DISCUSSION
Current study investigated the effectiveness of high
variability auditory training on Chinese learners’
perception of English vowels. The results showed
that, comparing to a significant near 30 percentage
points performance improvement in category identification, learners’ discrimination accuracy improvement was quite limited, suggesting that identification training may not be as effective in improving
learners’ discrimination ability as it does to identi-
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ABSTRACT
The categorical nature of speech perception may
result in learning difficulties when L2 speech sounds
overlap with L1 sound areas. In addition to possible
learning difficulties, it may create interesting
overlapping phoneme category areas between the
bilinguals’ two native languages. Here, we tested how
language learners, simultaneous bilinguals and
monolinguals perceive the same rounded closed /y//ʉ/-/u/ vowel area. In learners and bilinguals this area
is divided either into two or three categories in their
two languages (Finnish and Swedish, respectively),
whereas only the three category division is in use in
the monolinguals (Swedish). It seems that second
language learners’ learning process is still ongoing
since their /ʉ/–/u/ boundary was less sharp in vowel
identification than the other two groups’. On the other
hand, both learners and bilinguals seem to benefit
from being language oriented and from using two
languages in their daily lives as they were more
sensitive discriminators than the monolinguals.
Keywords: perception, L2 learning, bilingualism,
identification, discrimination
1. INTRODUCTION
Due to categorical perception, which is essential for
speech perception, speech sound discrimination is
easy at the immediate vicinity of category boundaries,
whereas within category discrimination is difficult
[16]. The native language speech sound categories are
formed early in life [4, 15] and thereafter, speech is
perceived through the phonological system of the
mother tongue. According to the Native Language
Magnet Model (NLM), the prototypical speech sound
category representatives pull the nearby sounds
towards the centre of the category impeding within
category discrimination and creating a hierarchical
native language speech sound system [13, 14].
The phoneme categories of two languages may
overlap altogether or partially in varying degrees and
different speech perception and learning models
tackle these discrepancies, for example, through the
assimilability or similarity of the foreign sounds to
the native language phonemes. The Perceptual
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Assimilation Model (PAM/PAM-L2) [2, 3] offers
four perceptual assimilation patterns according to
which the non-native categories may assimilate into
native categories. Three of these patterns predict
perceptual difficulties. One pattern predicts problems
when two non-native categories are assimilated
equally well or equally poorly into one native
category. Some problems are predicted, in two other
patterns, when two non-native categories assimilate
unequally into a single native category or when they
are non-assimilable. The Speech Learning Model
(SLM) [6, 7] describes non-native speech sounds
according to their similarity with the native ones. The
model predicts severe learning problems when a
speech sound of the target language is similar to a
sound in the mother tongue, whereas minor problems
are predicted, in the beginning of the learning
process, when the foreign sound is totally new, not
representing any of the mother tongue sounds.
High
proficiency
bilinguals,
whether
simultaneous or sequential, are of special interest in
speech perception since their two native languages
usually have at least partially overlapping speech
sound systems. Hence, a boundary of two phonemes
in one of their native languages may locate in the
middle of a phoneme category in the other language.
This should be problematic since discrimination is
challenging within category or when the sounds are
similar [6, 7] or assimilate differently to the sounds
of the other language [2, 3]. However, for example
simultaneous bilinguals manage both their native
languages without difficulties even though their
native languages are intertwined and the other
language cannot be switched off when the other one
is in use [20]. Foreign language learners, even highly
proficient, on the other hand, have two separate
systems which can be switched off when only the
other one is in use [17, 20]. Speech sound processing
takes also more time, due to the intertwined
phonological system, in the simultaneous bilinguals
compared to the sequential bilinguals [20].
For the second language learners some of the
target sounds are bound to be more difficult than
others depending on the relationship of the native and
foreign languages. By using the challenging speech
sound differences in studies on foreign language

learning it has, for example, been shown that nativelike perception is not achieved through classroom
learning [10, 18]. However, the achieved memory
traces for non-native phonemes of highly proficient
university level language learners can be
strengthened through a short term listen-and-repeat
training [22]. Hence, even though the subjects were
highly proficient, the learning process was
unfinished. Further, the continued use of the mother
tongue, synchronous with the ongoing learning
process, is shown to impede the learning of foreign
language production [8, 9]. In contrast to learning in
a classroom, learning in a natural environment seems
to result in native-like perception [19, 23].
The aim of this study was to see how different
language backgrounds, namely monolingual,
bilingual and foreign language learner, affect the
perception of the same vowel area. The particular
vowel area has only one function for the
monolinguals but in both bilinguals and language
learners the area is divided into two categories in one
language and into three in the other. The hypothesis
was that the dual set of categories in one area might
show some effects on perception in bilinguals and
hinder perception especially in language learners.
2. METHODS
2.1. Subjects

The participants were divided into three groups.
Group 1 (Learners) consisted of 9 Finnish university
students majoring in Swedish, i.e., highly proficient
language learners (aged 20–27 years, mean 24.3, 8
females). They had passed demanding entrance
examinations to enter the Department of Swedish
language at the University of Turku and had then
studied Swedish for 1–6 years at the university level.
Group 2 (Bilinguals) consisted of 12 Finnish-Swedish
bilinguals (aged 16–31 years, mean 20.3, 7 females)
who had acquired both languages from birth, one
language from one parent, i.e., simultaneous
bilinguals. Group 3 (Monolinguals) consisted of 9
monolingual Swedish speakers (Swedish as spoken in
Sweden) (aged 20–36 years, mean 27.2, 6 females)
who did not study any languages.
All subjects were tested for normal hearing with
an audiometer with perceptually relevant frequencies.
The study was approved by the Ethics Committee of
the University of Turku, Finland.
2.2. Stimuli

The stimuli used in this study formed a continuum of
isolated vowels from /y/ to /u/ varying in the second
formant (F2). The stimulus continuum consisted of 18
vowels so that F2 ranged from 606Hz (703Mel) to

2259

2077Hz (1553Mel) in 50Mel steps. This vowel area
is divided into two vowels in Finnish, namely /y/ and
/u/, and into three vowels in Finland-Swedish and in
Swedish, namely /y/, /ʉ/, and /u/. The stimuli are
described in detail in [20, 21]. According to NLM
[13], PAM [2], and SLM [6, 7], this vowel area
should be problematic to language learners and, on
the other hand, it serves an interesting area for
research on simultaneous bilinguals as well.
2.3. Procedure and analysis

First, in an identification task (ID), the subjects were
asked to identify the 18 vowels as /y/, /ʉ/, or /u/ by
pressing the appropriate symbol on a numpad. In
order to ensure correct use of the symbols, the
participants were given example words containing
these sounds. The stimuli were presented ten times
each in random order. The forced choice
identification task was self-paced. On the basis of the
individual results, we selected two stimulus pairs for
an oddball discrimination task so that one pair was
within the category /ʉ/ and one pair crossed the /ʉ/–
/u/ category boundary so that one stimulus
represented /ʉ/ and one represented /u/. The pairs
were 100Mels apart from each other. The individual
stimulus selection was done in order to make sure that
the stimuli represented either one category or two
different categories for each individual, since the
exact location of the category boundary may vary
between subjects and average stimuli may not
represent intended categories for all subjects.
In the oddball discrimination task, one block was
the between category block and the other was the
within category block. The stimulus with higher F2
always functioned as the standard, whereas the one
with lower F2 functioned as the deviant in both
blocks. The subjects were asked to press a button as
soon as they heard the deviating stimulus. There were
130 standards and 20 deviants in each block. All
communication, including instructions for both tasks,
were given in Swedish.
Category boundary location and boundary
consistency were measured on the basis of the ID test
data. The ID data was subjected to logit
transformation analysis in SPSS to locate the point
where the answers were distributed evenly to both
categories and to obtain the steepness value for the
boundary cross-over point. The category boundary
and steepness values were then separately subjected
to a Multivariate analysis (MANOVA, Group (3) ×
Boundary (2) or Steepness (2); post hoc Tukey tests
when
appropriate)
(SPSS).
The
oddball
discrimination task was carried out to measure
discrimination sensitivity (d’) and reaction time (RT).
The hits, misses, correct rejections and false alarms

were used in calculating the d’ values and the RTs
were measured from deviant stimulus onset to button
press. Button presses within ±3 standard deviation
were included in the analysis. Also the d’ and RT
values were separately subjected to a Multivariate
analysis (MANOVA, Group (3) × d’ (2) or RT (2);
post hoc Tukey tests when appropriate).

Figure 1: ID scores for the Learners, Bilinguals,
and Monolinguals. The X-axis shows the 18 vowel
continuum where number 18 is the most /y/ like and
number 1 the most /u/ like. The Y-axis shows the
occasions the vowel was identified as a member of
/y/, /ʉ/, or /u/ category (max 10 times).
Learners of Swedish

3. RESULTS
There was a significant difference between the groups
in how they located the /ʉ/–/u/ boundary in the
identification task and in the consistency of this
boundary, as shown in the main effects of group
F(2,26)=3.920, p=0.033 and F(2,26)=5.821, p=0.008,
respectively. The post hoc (Tukey HSD) comparisons
revealed that the consistency of the /ʉ/–/u/ boundary
was statistically different between the students of
Swedish and the bilinguals (p= 0.007). This is clearly
seen in the mean steepness values as well, see Table
1 for comparison of the two groups. When we
compared the steepness values of the category
boundaries per group, we found that the only
significant difference was within the simultaneous
bilinguals (t(11)=3.763, p=0.003), indicating that one
boundary was placed more systematically than the
other. Table 1 shows that the /ʉ/–/u/ boundary was the
more systematic one. The identification results in full
are presented in Table 1 and Fig. 1.
Table 1: Mean, minimum, and maximum category
boundary location and boundary steepness values
for Learners (Group 1), Bilinguals (Group 2), and
Monolinguals (Group 3). Standard deviations are in
brackets.

Group Boundary
/ʉ/–/u/
1
/y/–/ʉ/
/ʉ/–/u/
2
/y/–/ʉ/
/ʉ/–/u/
3
/y/–/ʉ/
Group Steepness
/ʉ/–/u/
1
/y/–/ʉ/
/ʉ/–/u/
2
/y/–/ʉ/
/ʉ/–/u/
3
/y/–/ʉ/

Mean
4.52 (0.80)
13.66 (1.41)
4.59 (0.76)
12.86 (1.23)
5.51 (1.00)
13.71 (0.96)
Mean
1.56 (0.55)
1.55 (0.78)
2.70 (0.93)
2.01 (0.54)
2.07 (0.55)
1.69 (0.70)

10
9
8
7
6
5
4
3
2
1
0

y
ʉ
u

18 17 16 15 14 13 12 11 10 9 8 7 6 5 4 3 2 1

Simultaneous Bilinguals
10
9
8
7
6
5
4
3
2
1
0

y
ʉ
u

18 17 16 15 14 13 12 11 10 9 8 7 6 5 4 3 2 1

Monolingual Swedish Speakers
10
9
8
7
6
5
4
3
2
1
0

Min/Max
3.30/5.60
11.89/16.08
3.51/5.94
10.41/14.70
4.60/7.50
12.46/15.00
Min/Max
0.95/2.62
0.55/2.78
1.15/4.47
1.29/2.95
1.00/2.82
0.59/2.44

y
ʉ
u

18 17 16 15 14 13 12 11 10 9 8 7 6 5 4 3 2 1

Discrimination sensitivity in the between category
situation was statistically different between the
groups as shown in the main effect of group
F(2,26)=4.641, p=0.019. Further, the post hoc (Tukey
HSD) comparisons revealed that the Swedish
speakers’ discrimination sensitivity differed
statistically significantly from both students’ d’
(p=0.049) and from bilinguals d’ (p=0.026). Further,
as Table 2 shows, the native Swedish speakers were
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less sensitive in discriminating the /ʉ/–/u/ boundary
stimuli than the other two groups. There were no
statistically significant differences between the
groups concerning the RTs. The d’ and RT data are
presented in Table 2.
Table 2: Mean, minimum, and maximum RT (ms)
and d’ values in the within category and between
category situations for Learners (Group 1),
Bilinguals (Group 2), and Monolinguals (Group 3).
Standard deviations are in brackets.

Group RT
within /ʉ/
1
/ʉ/–/u/
within /ʉ/
2
/ʉ/–/u/
within /ʉ/
3
/ʉ/–/u/
Group d’
within /ʉ/
1
/ʉ/–/u/
within /ʉ/
2
/ʉ/–/u/
within /ʉ/
3
/ʉ/–/u/

Mean
556 (77)
546 (76)
484 (76)
471 (115)
523 (124)
532 (112)
Mean
4.54 (0.19)
4.44 (0.31)
4.34 (0.30)
4.45 (0.29)
4.27 (0.41)
3.87 (0.71)

Min/Max
462/686
439/634
379/671
337/768
382/694
412/711
Min/Max
4.06/4.61
3.72/4.61
3.68/4.61
3.70/4.61
3.44/4.61
2.28/4.61

4. DISCUSSION AND CONCLUSIONS
The present study was designed to see how Finnish
university students majoring in Swedish,
simultaneous Finnish-Swedish bilinguals and
monolingual Swedish speakers perceive the closed
rounded vowel area covering /y/, /ʉ/, and /u/ in
Swedish. More importantly, the aim was to compare
the three groups’ identification and discrimination
performance.
The identification task revealed that all three
groups were able to categorise the vowel area into
three categories, and that the Finland-Swedish and
Sweden-Swedish closed rounded vowel areas are
quite similarly identified as /y/, /ʉ/ and /u/ within our
vowel continuum. The more fronted position of the
Sweden-Swedish /ʉ/ [e.g., 1, 5] is not shown in the
behavioural ID task which may very well be due to
the forced-choice nature of the task and a fixed
continuum of the 18 vowels. Despite the similar
identification of the three groups, the language
learners of Swedish had a less sharply defined /ʉ/–/u/
category boundary than the other two groups. This
may imply that the students had not learned to
perceive the target language sound system well
enough to be consistent in identifying the stimuli of
the foreign language. They also naturally still use
their native language which may have affected the
learning process [8, 9]. The simultaneous Finnish-
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Swedish bilinguals and Swedish monolinguals, on the
other hand, were native speakers of the target
language and hence, they were more consistent in
identifying their native language vowels. The
monolingual speakers positioned between the other
two groups regarding the steepness of the vowel
boundaries, simultaneous bilinguals were most stable
in the identification whereas learners were least
stable. This may further indicate that bilinguals need
to be systematic in keeping their two languages
separate, whereas monolinguals only have one
language and hence there is room for hesitation, and
the learning process is not yet finished for the
language learners which shows as hesitation.
The Swedish /ʉ/ is similar [6, 7] to the Finnish /u/,
or /y/, and Swedish /ʉ/ and /u/ assimilate unequally
[2, 3] into the Finnish /u/ and hence, the Swedish /ʉ/
is problematic for the Finnish learners of Swedish.
The bilinguals do not come across any learning
problems due to these differences but naturally the
vowels need to be kept apart from each other, which
is possible due to the native language magnets [13].
The less sharp /ʉ/–/u/ boundary in the learners may
indicate the predicted problems, whereas the
bilinguals and monolinguals had sharp boundaries as
they identified according to their native languages.
The between category discrimination sensitivity
data revealed that the native monolingual Swedish
speakers were different from the other two groups:
they were less sensitive in discriminating the vowels
in comparison with the bilinguals and language
learners. Even though individually selected stimuli
were used, this may be an indication of the more
fronted Sweden-Swedish /ʉ/, since the forced-choice
ID task somewhat steers the identification and the
more fronted /ʉ/ does not show in the ID result.
Perhaps more importantly, it seems that the learners
and the bilinguals might be more sensitive in
discriminating these speech sounds as they are more
language oriented than monolinguals and use at least
the two languages more or less daily. They probably
benefit from the fact that they are language oriented,
as has also been shown by Immonen and colleagues
[11] in children and by Jähi and colleagues [12] in
elderly learners.
To conclude, it seems that the unfinished learning
process affects the identification systematicity in the
language learners so that they are more hesitant than
simultaneous bilinguals and monolinguals. However,
the continuous use of the two languages in both the
language learners and the simultaneous bilinguals
seems to be beneficial, since in comparison with
monolinguals, these two types of bilinguals are
sensitive discriminators.
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ABSTRACT

The productions of French final neutral declarative,
polar question with “est-ce que” and major
continuation by seven Chinese learners of French
(CL) and six French native speakers (NS) were
perceptually (perception tests for two of these
intonation patterns) and acoustically analysed
(difference between F0 ending and F0 beginning a
stress group (F0-diff); F0 range in stress group).
The “est-ce que” questions produced by the NS
were perceived as an affirmation, those of the CL as
a question. The major continuations of the NS were
perceived as a question, those of the CL as an
affirmation and a question. For declarative, the CL
did a falling contour with a F0 range too small or too
large compared to the NS; for rising contour, the
same F0-diff and F0 range characterized the polar
and the total questions of the CL. Concerning major
continuation, unlike NS, CL sometimes perform
rising and falling contours.
Keywords: L2 intonation acquisition, French,
Mandarin Chinese, perception, acoustic.
1. INTRODUCTION AND GOAL
It has been widely shown that prosodic factors are
as important as segmental factors in speech
2,5,8,9,12,17. Globally speaking, prosody is an
important element for understanding meaning in
speech perception and for making oneself
understood in speech production 2,5,17. Despite
the fact that prosody is an important tool for
negotiating meaning, managing interaction, and
achieving discourse coherence, L2 learners have
generally not been taught how to use intonation to
signal discourse strategies 5. Especially, research
examining problems and difficulties which Chinese
learners (CL)
face in learning French,
suprasegmental elements are very rare. In the
literature, only a few studies have addressed this
question 4,12,13,15. Therefore, the current study
examines some difficulties of CL in the acquisition
of French intonation. In this study, three basic
French intonation patterns (according to Di Cristo
9: final neutral declarative, polar question with
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“est-ce que” and major continuation) produced by
seven CL with different levels of proficiency in
French are analysed and compared with the
productions of six French native speakers (NS).
In the field, approaches and models for the
description of the French intonation system are
plentiful: ten basic French intonations of Delattre
6, intonosyntactic theory of Di Cristo 7,
prepositional theory of Martin 14 and
autosegmental-metrical theory of Jun & Fougeron
11. In contrast, not much descriptive research
exists for Chinese intonations; we only have a list of
13 intonation types established by Chao 3. In
Shen’s recent model on the Chinese intonation
system 16, 3 general patterns in Chinese speech are
proposed (Tune I, Tune II, Tune III).
Since Mandarin Chinese is a tonal language, the
interaction between lexical tones and intonation is
also an important factor in acquisition of French L2
intonation. However, to our knowledge, a study on
how lexical tones influence Mandarin speakers
acquiring non-tonal language’s intonation has not
been found.
Among all the studies on phonetic crosslinguistic
transfer from Mandarin Chinese to French, the
majority of them investigated segmental transfer.
There are only a few studies on suprasegmental
transfer 4,12,13. According to this research, the
main challenges in intonation production are steep
slopes in rising and falling contours, lack of
variation in F0 and lengthening in stress group.
Perceptually, CL have no problems in distinguishing
between rising and falling contours 10,15.
The goal of the present paper is to examine
productions of the three basic French intonation
patterns using acoustic and perceptive measurements,
in order to determine the problems and difficulties in
CL of French as a Foreign Language (FFL).
2. HYPOTHESES
Based on the conclusions in previous research and
our empirical observations from the recording
experience, we have come up with several
hypotheses for this study: i) final neutral declarative:
CL realize a falling contour and slope, but the slope
will be monotone or discontinuous; ii) polar question

with “est-ce que”: rising contours produced by CL
will be the same as what they produce in polar
question without a marker; iii) major continuation:
there will be a mix of rising and falling contours in
CL’ productions; a falling contour as in the case of
final neutral declarative contour, and a rising
contour as in the case of polar question.
3. METHODS
3.1. Speakers and corpora

Seven female CL of FFL (mean age: 25.43, SD:
4.95) with varying levels of proficiency in French (1
learners with a level B1, 3 with B2, 2 with C1 and 1
with C2 according to the Common European
Framework of Reference for Languages) took part in
the recording experience. All CL speak Mandarin
Chinese as their mother tongue, started learning
French as adults (between 2 and 6 years), and had
been living in France for at least two years at the
time of recording. Six female Parisian French native
speakers (NS) (mean age: 24.6, SD: 1.14)
participated as references for perceptive stimuli and
acoustic comparisons. The recording took place in a
sound proof room. Participants were recorded one
by one, using Pro Tools program, with an AKG
C520L wireless head worn microphone (distance
mouth-microphone: 3 cm) and a sound card MOTU
ULMK3. The corpora included 10 French sentences
(four of them contained major continuation) and
each of the 10 sentences had three different
intonation modalities: final neutral declarative, polar
question without a marker and polar question with
“est-ce que”. Totally, we had 30 sentences in the
corpora. All participants were asked to read the
corpora with a natural tone.
3.2. Perceptive study

To examine and compare intonation productions
between CL and NS, two perception tests, which
were destined to polar question with “est-ce que”
and major continuation, were implemented with ten
French listeners (each test with five listeners) on
Praat 1. The stimuli for the test of polar question
with “est-ce que” were manipulated by a truncation:
we removed the syntactic question marker “est-ce
que” and remained the part behind the marker for
perception. For example, “Est-ce qu’il est joli ?”
becomes “Est-ce qu’il est joli ?” in our test. The
same method, a truncation, was also used to
manipulate the sentences with major continuation:
the part following the major continuation was
removed from the sentence: “Vous aimez l’anglais et
vous étudiez la littérature.” becomes “Vous aimez
l’anglais et vous étudiez la littérature.”, for
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example. In both tests, French listeners were
requested to choose between “Affirmation” and
“Question” according to what they have heard.
In our perception tests, choices made by each
listener were collected and gathered to be compared
and analyzed by t-test in R statistical computing
software 18: in each test, for the “affirmation”
responses, we calculated the p value between CL’
and NS’ productions. The same method was also
used to the “question” responses.
3.3. Acoustic study

After the perception tests, an acoustic analysis was
performed, using quantitative and qualitative
methods. Quantitatively, i) values of F0 beginning
(point at 10% of stress group, for example “joli” in
“il est joli?”) and F0 ending (point at 90% of stress
group) were generated by a script, whose differences
(converted into semi-tone with 200 Hz as reference:
F0-Diff) allow to determinate a rising/falling
contour; ii) range of F0 variation in the whole stress
group were also calculated. Qualitatively, melodic
contours were generated by Praat 1 in order to
compare them with NS’ realizations. We chose
several most typical examples to show here.
4. RESULTS
4.1. Perceptive tests (identification)

4.1.1. Test 1: polar question with “est-ce que”
After the comparison for the polar questions with
“est-ce que”, CL’ productions were usually
perceived as “question” (figure 1 right) whereas NS’
productions were mostly perceived as “affirmation”
(figure 1 left). By unpaired t-test, we found that the
productions of polar questions with “est-ce que” by
CL and NS were significantly different
(“affirmation” responses: t5=7.24, p < 0.05;
“question” responses: t5=-8.29, p<0.05).
Figure 1: identification percentage of polar
question with "est-ce que" produced by NS (left)
and CL (right).

4.1.2. Test 2: major continuation
The same procedure was applied to major
continuation. It was established that, for this pattern,
NS’ productions were mostly perceived as
“question” (figure 2 left) whereas CL’ productions
were usually perceived as “affirmation” and
“question” (figure 2 right). By unpaired t-test,
productions of major continuations by CL and NS
were shown to be significantly different
(“affirmation” responses: t5=-4.16, p < 0.05;
“question” responses: t5=5.44, p<0.05).

Qualitatively, by melodic contour in stress group, we
showed that CL’s slope went up as high as in the
polar question without a marker (figure 3, left)
whereas, NS’s slope kept as a plateau in the polar
question with “est-ce que” (figure 3, right).
Figure 3: F0 contours in polar questions without
and with a marker: CL3’s production (left); NS4’s
one (right).

Figure 2: identification percentage of major
continuation produced by NS (left) and CL (right).

This difference in polar questions gives an
explanation as to why the NS’ productions were
mostly considered as an affirmation but not a
question while the CL’ productions were mostly
considered as a question but not an affirmation in
our perception test 1 (see 4.1.1.).
4.2. Acoustic analysis

4.2.2. Major continuation

4.2.1. Polar question with “est-ce que”

After calculation of the F0-Diff, our hypothesis has
been confirmed: in some productions of CL, rising
and falling contours were mixed. A falling contour
was the same as in the final neutral declarative and a
rising contour was similar to a contour in polar
question. First, three CL’ falling productions (table
2) is provided below as examples to compare the F0Diff and the F0 range with three NS’ productions:

After F0-Diff values, all CL produced a rising
contour. However, the difference and the range of
F0 variation almost had the same values as in polar
question without a marker. However, among the NS,
both F0-Diff and F0 range were smaller in polar
question with “est-ce que” than in polar question
without a marker. An example of productions of “Il
est joli ?” vs. “Est-ce qu’il est joli?” is provided in
Table 1. We can clearly see that among NS, a polar
question with “est-ce que” had a much smaller
difference than in a polar question without a marker,
which was totally opposite to CL’ productions.

Speaker (level)
NS1
NS2
NS3
NS4
NS5
NS6
CL1 (B1)
CL2 (B2)
CL3 (B2)
CL4 (B2)
CL5 (C1)
CL6 (C1)
CL7 (C2)

Table 1: F0-Diff and F0 range for NS and CL in
the production of polar questions with/without a
marker (“Est-ce qu’il est joli ?”; “Il est joli ?”,
Unit: semi-tone).
Speaker(level)
Pattern
NS1
NS2
Polar Question
NS3
with the Marker
NS4
“est-ce que”
NS5
NS6
/
CL1 (B1)
CL2 (B2)
Polar Question
CL3 (B2)
without the
CL4 (B2)
Marker
CL5 (C1)
“est-ce que”
CL6 (C1)
CL7 (C2)

F0-Diff (st)
+2.1 / +7.3
-1.2 / +9.8
+2.2 / +8.4
-0.1 / +9.3
+3.7 / +8.9
+3.3 / +7.6
+9.1 / +10.6
+8.3 / +8.7
+6.3 / +5.6
+10.5 / +12.5
+5.4 / +6.4
+6.1 / +7.8
+10.1 / +0.9

Table 2: comparison of falling contours between
final neutral declarative (“Il a parlé du paysage.”)
and major continuation (“Il a parlé du paysage, et
de tout autre chose.”) for CL and NS. Unit: semitone (st).

F0 range (st)
6 / 10
2 / 11
6 / 14
4 / 11
5 / 11
5 / 10
12 / 12
13 / 12
9/8
12 / 12
8/9
8 / 18
2 / 12

Pattern

F0-Diff (st)
-2,8 / +5.7
-2.7 / +4.3
-2.7 / +5.4
Final
-3.4 / +3.7
Neutral
-2 / +4
Declarative
+0.3 / +5.7
-9.4 / -10.4
/
-18.5 / -12.7
-9 / -7.6
Major
+0.1 / +6.5
Continuation
-6.8 / +6.2
-1.8 / -1.3
-1.3 / +0.5

F0 range (st)
6/6
4/6
4/4
6/3
5/3
6/4
14 / 14
18 / 17
9 / 21
4/7
9/9
3/2
16 / 4

Second, for this pattern, when CL produced a rising
contour, quantitatively, it was the same as with NS’
productions, except that NS’ productions had a
smaller F0 range in major continuation than in polar
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question without a marker, but we had the same F0
range in both of the two patterns in CL (table 3).
Table 3: comparison of rising contours between
major continuation (“Il a parlé du paysage, et de
tout autre chose.”) and polar question without a
marker (“Il a parlé du paysage ?”) for CL and NS.
Unit: semi-tone (st).
Speaker (level)
NS1
NS2
NS3
NS4
NS5
NS6
CL1 (B1)
CL2 (B2)
CL3 (B2)
CL4 (B2)
CL5 (C1)
CL6 (C1)
CL7 (C2)

Pattern
Major
Continuation
/
Polar Question
without the
Marker
“est-ce que”

According to our calculation, we concluded that
“est-ce que” question is a problematic pattern for all
CL, except the one with C2 level. For major
continuation, it is a difficulty for the learners of
intermediate level.
5. DISCUSSION AND CONCLUSIONS

F0-Diff (st) F0 range (st)
+5.7 / +7
6/9
+4.3 / +7.8
6/9
+5.4 / +5.9
4/7
+3.7 / +6.7
3/7
+4 / +4.5
3/7
+5.7 / +6.7
4/7
+10.8 /+12.5
15 / 16
+4.7 / +5.6
6/7
+5.1 / +6.2
15 / 15
+6.5 / +8.6
7 / 10
+6.2 / +7.8
9 / 18
-1.3 / +1.5
2/7
+0.5 / +1.6
4/6

Qualitatively, productions of NS were characterized
by a falling contour at pretonic syllable and a small
rising contour at tonic syllable. In CL, this was
characterized directly by a steep rising slope (figure
4).
Figure 4: comparison of two melodic contours of
major continuation produced by CL4 (left) and
NS6 (right).

4.2.3. Final neutral declarative
All our CL produced a falling contour in this
modality. Though falling, qualitatively, it always
was a plateau in whole sentence. In contrast, the
contour in NS has a bigger F0 variation and a
progressive and gradual falling contour at stress
group (figure 5).
Figure 5: comparison of two melodic contours of
final neutral declarative produced by CL2 (left)
and NS5 (right).
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In this study, we have examined three basic French
intonation patterns learnt by CL. In our perception
tests, we have found a significant difference in the
productions of polar questions with “est-ce que” and
major continuations by NS and CL. After that,
acoustic measurements have detailed the problems
of CL in French intonation learning: i) polar
question with “est-ce que”: in CL’ productions, they
didn’t distinguish different rising contours for polar
questions with a marker from without a marker. But,
quantitatively, in “est-ce que” questions, NS’
productions had a smaller F0-diff and a smaller F0
range than in a total question. Qualitatively, in CL’
productions, the rising contours in these two
modalities reached a same level while NS’ contours
had a higher lever in total question but a lower lever
in “est-ce que” question. We suppose that in a
language, when speaker produces a question without
a marker, melodic variation would be more evident;
when a question marker is present (e.x. est-ce que
for French, ma for Mandarin Chinese), melodic
contour would not have a big variation. It is the
reason why NS’ “est-ce que” question contours had
a quasi-plateau. For native Chinese speakers, it has
been also proved that question without a marker has
a bigger F0 variation 19. We may consider that the
marker “est-ce que” for CL has not been
interiorized; ii) quantitatively and qualitatively, a
mix of rising and falling contours were appeared in
CL’ major continuations: a falling contour when the
sentence is declarative and a rising contour when the
sentence is interrogative. We consider that CL have
been influenced by sentence modality; iii) in final
neutral declarative, our analysis has confirmed the
conclusions in the work of Chi Lee 4. CL’
productions were characterized by a plateau or a
steep slope, as concluded by Chi Lee 4. We
suppose that lexical tone 1 (high, constant) of
Mandarin would influence CL’ French declarative
production, which is manifested by a series of tone 1
without melodic variation in their productions. Thus,
CL’ productions were said to be monotone.
However, there are several limitations with this
present study: i) F0-duration interaction should have
been studied in our analysis; ii) influences of lexical
tones on French intonation acquisition remain until
now unknown. In our further research, these factors
will be taken into consideration.
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ABSTRACT
There is little research on stress and prominence in
Bahasa Melayu (BM). Work which has been done on
varieties of Malay concluded that pitch or durational
differences do not contribute to the production or
perception of stress. This study aimed to investigate
the role of intensity in the perception of stress in BM
among two groups of listeners, 16 native speakers of
BM and 30 of BrE, in comparison with spoken British
English (BrE) and Malay Speaker English (MSE).
Listeners rated 30 low-pass filtered sentences, ten
from each language, indicating all syllables they
perceived as stressed. Comparisons of listener
identification of stress with syllable intensity yielded
no statistically significant difference in the BrE and
MSE conditions. In the BM condition, BrE listeners
rated significantly more syllables as stressed with low
to mid intensity than the BM listeners.
The results are discussed in terms of the
contribution of intensity to perceived prominence in
languages.
Keywords: Stress, prominence, Bahasa Melayu,
intensity.
1. INTRODUCTION
This paper reports the findings from a pilot study
which aimed to see whether speakers of Bahasa
Melayu (BM) as a first language (L1) – i.e., the
variety of Malay considered to be standard in
peninsular Malaysia – and L1 British English (BrE)
speakers make similar judgements about the
placement of sentence stress in spoken Malay, BrE,
and Malay speaker English (MSE).
The study was motivated by a discussion on the
nature of stress in BM, BrE and MSE during the
Intonation Workshop Series at Universiti Putra
Malaysia in July 2017. Mat Nayan [3] observed that
lexical stress in bi- and multi-syllabic words in MSE
was not fixed in the same way as it is in BrE.
However, as there is little available literature on the
nature of suprasegmentals in Malay [3; 4], it was not
possible to make any suggestions as to why this might
be caused by influence from MSE speakers’ L1, BM.
At the workshop, the idea emerged that BM speakers
and listeners could be favouring intensity as a cue to
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stress rather than the English tendency to focus more
strongly on pitch. As this is a largely underinvestigated area, the research presented here sets out
to test that hypothesis.
2. SPEECH PROMINENCE IN LANGUAGES
Stress, or prominence, in speech is achieved by
manipulation of the following parameters:
fundamental frequency (F0) (the perceptual
realisation of this being pitch), duration (length) and
intensity (loudness) [1]. In languages like BrE, vowel
quality also plays a role [6]. The manipulation of
these features will vary in degree depending on the
language spoken. For example, Japanese uses
differences in pitch to highlight patterns of
linguistically salient prominence in speech, but not
intensity [9], Setswana makes use of penultimate
syllable duration as a cue [7], whereas BrE and many
other varieties of English use a combination of the
four parameters.
Where BM is concerned, there is little literature to
draw upon concerning stress and/or prominence, and
few accessible studies which use empirical data.
Mohd Don et al [5] analysed duration and F0 in 111
word tokens produced by two female L1 speakers of
BM. They found that peak F0 tended to occur around
the penultimate syllable, and that word final syllables
were significantly longer in duration than preceding
syllables. They drew initial conclusions that BM had
penultimate stress. However, further investigation led
them to conclude that BM does not have word stress
after all. They also conclude that BM is not syllabletimed, as there is too much duration variation between
all syllables in words, and that the syllable may not
be a “genuine” prosodic unit in BM. They do not,
however, look at intensity.
Where other varieties of Malay are concerned, a
few more studies present themselves. For example,
Maskikit-Essed and Gussenhoven [2] look at the role
of pitch peaks and syllable duration in Ambonese
Malay, spoken in Indonesia, and conclude, as the title
of their paper indicates, that the variety does not have
stress, pitch accent, or prosodic focus – at least, none
associated with pitch or durational differences. In
their review of research on other varieties of Malay,
they indicate that there are three views: 1) word stress
is located on the penultimate syllable – i.e., the

traditional view; 2) there is no link between word
stress and the syllable; and 3) stress is a property not
of words in Malay but of phrases [5].
One question that arises is whether there are any
languages that use intensity as the primary cue in the
identification of word or sentence stress. As Vaissière
points out [8], intensity and pitch are interrelated
physiologically, and she does not identify any
languages in which intensity is the single most
important cue.
The fact that the authors have not been able to
identify any languages for which intensity is the most
important cue in linguistic stress/prominence may
well indicate that it is unlikely to have a significant
role in BM. However, we considered it an interesting
hypothesis to test, and wondered if it might throw
light on MSE’s variable word stress patterns and
generally attested lack of prosodic focus.
Our research question is, therefore, as follows:
 In a listening task comprising BM, BrE and
MSE utterances, are L1 speakers of BM more
likely to identify syllables with increased
intensity as prominent than L1 speakers of
BrE?
Hypothesis:
 L1 BM listeners are more likely to identify
syllables with increased intensity as
prominent in comparison with L1 BrE
listeners.
Null hypothesis:
 L1 BM listeners are not more likely to
identify syllables with increased intensity as
prominent in comparison with L1 BrE
listeners.
3. METHODOLOGY
3.1. Participants

16 L1 speakers of BM, who were all ethnically
Malay, and 30 L1 speakers of BrE were recruited at
Universiti Putra Malaysia (UPM) and the University
of Reading (UoR), UK, respectively. All were
students at those universities at the time the research
was undertaken and had received basic instruction in
phonetics and phonology as part of their degree
programmes. The BM students were all volunteers,
and the BrE students participated for partial course
credit. The mean age of the BM speakers was 24.07
(st. dev. 1.49) and the mean age of the BrE speakers
was 20.87 (st. dev. 0.68).
More participants than reported here took part in
the Malaysian context, but were excluded for not
having Malay as their L1.
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3.2. Materials

The materials were recordings of 10 sentences spoken
in English, BM and MSE by two female speakers.
The BM and MSE recordings of the same female
speaker were kindly provided by colleagues at the
University of Malaya under a reciprocal arrangement;
the BrE recordings were originally made by the first
author for a different project at the University of
Malaya. 44.1kHz, 16 bit recordings were made using
either a Zoom H6 Handy Recorder or a Roland Edirol
R-09 audio recorder. Sentences varied in length from
six to 25 syllables.
The three recordings were first copied to make two
separate files each, and a low-pass filter applied to
one set of each language variety using Adobe
Audition; we used pre-set effect “The Club
Downstairs”, which has sudden attenuation just
below 1kHz and a cut off frequency of 500Hz. The
reason for doing this was to attempt to focus the
participants’ attention on the prosodic features and
not on individual words, about which they might have
preconceived ideas. The resulting six files – three
filtered, three unfiltered – were then each split into 10
files of 10 sentences. The six sets are shown in Table
1.
Table 1: The six sets of recordings.

Set
A
B
C
D
E
F

Language
BrE
MSE
BM
BrE
MSE
BM

Presentation
filtered
filtered
filtered
unfiltered
unfiltered
unfiltered

Response sheets were prepared for each of the six
sets of files. For the filtered condition, rows of the
letter “X” equivalent in number to the syllables in
each utterance, and with two character spaces in
between each one, were presented for each sentence.
For the unfiltered condition, orthographic
representations of the sentences were presented. In
the unfiltered condition, the sentences were presented
in a different order from the filtered condition.
This paper reports on the results from the filtered
data sets only.
3.3. Procedure

BrE participants were divided into three groups of 10.
Each group listened to one set of filtered files
comprising 10 sentences each, and were required to
underline the syllables they perceived to be stressed,
each represented by the letter “X”. They were allowed

significant. Finally, the BrE listeners identified 31
(out of 180) low intensity peak syllables as stressed
compared to the Malay listeners, who identified 42
low peak intensity syllables as stressed. This
difference between the two groups was also not
significant (Figure 1).
Figure 1: Results for the BrE stimuli (%)
Sylls identified as stressed
%

to listen to the sentences as many times as they
wished to complete the task.
As there were only 16 BM participants, they each
listened to all three sets of filtered files. We selected
10 lots of participant responses for each set at
random.
In the second phase (results not reported here), the
procedure was repeated using the unfiltered file sets.
The BrE participants were allocated a set of unfiltered
files from a different language/variety, and required
to underline the syllables they perceived to be
stressed on the orthographic representation of those
sentences. For example, if they had listened to the
BrE speaker in the filtered condition, they were
allocated to the MSE speaker in the second condition
using unfiltered speech. Again, they were permitted
to listen to the sentences as many times as they
wished. The BM participants again listened to all
three sets, and we selected 10 lots of participant
responses for each language variety.
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3.4. Analysis

4. RESULTS
4.1. BrE stimuli

The BrE listeners identified 159 (out of 600) syllables
of mid intensity as stressed compared to the BM
listeners, who identified 137 syllables of mid
intensity as stressed. This difference was not
statistically significant. The BrE listeners identified
51 (out of 170) high peak intensity syllables as
stressed compared to the BM listeners, who identified
48 high peak intensity syllables as stressed and this
difference between the groups was also not
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4.2. MSE stimuli

The BrE listeners identified 149 (out of 620) syllables
of mid intensity as stressed compared to the BM
listeners, who identified 142 syllables of mid
intensity as stressed. The BrE listeners identified 27
syllables (out of 110) of high peak intensity as
stressed compared to 26 syllables of high peak
intensity identified by the BM listeners. Regarding
syllables of low peak intensity, the BrE listeners
identified 51 (out of 230) compared to the BM
listeners who identified 55. None of the differences
between the groups were statistically significant
(Figure 2).
Figure 2: Results for the MSE stimuli (%)
Sylls identified as stressed %

Participants’ responses were entered on an MSExcel
spreadsheet to ascertain the syllables most likely to be
identified as stressed in each of the six sets of
recordings by the two groups of listeners. These were
then correlated with the relative intensity in each of
the speech files and compared across L1 groups.
We calculated average peak intensity for each
syllable for BrE, MSE and BM. For BrE the mean
was 73dB (range 67-78). We considered 67-70 as
low, 71-75 as mid and 76-78 as high intensity. The
intensity peak values for MSE and BM had an
identical mean of 60dB (range 54-69).We considered
54-57 as low, 58-63 as mid and 64-69 as high
intensity.
We then calculated the number of syllables which
were identified by each group (BrE and BM speakers)
as stressed in relation to their intensity level. The
results were analysed separately for the BrE, MSE
and BM stimuli and we present the percentage of
syllables identified as stressed by each group.
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4.3. BM stimuli

The BrE listeners identified 194 (out of 830)
syllables of mid peak intensity as stressed which

effect on the results, but does not explain why midand low-peak BM syllables were more likely to be
perceived as stressed by BrE listeners.
It will be interesting to analyse the non-filtered
data to see whether the statistically significant effect
persists. It is also our intention to look at the role of
F0 in these data, and whether it correlates closely with
intensity in all three language varieties.

Figure 3: Results for the BM stimuli (%) (*p≤0.05;
**p≤0.005).

This paper arises from work funded by British
Academy Newton Mobility Grant project number
H5235600 awarded to Ngee Thai Yap and Jane
Setter. We would like to thank Ernie bt Adnan,
Faculty of Language & Linguistics, University of
Malaya for providing the BM and MSE recordings
used as stimuli in this project.

Sylls identified as stressed %

was significantly higher than the BM listeners,
who identified 147 (p=.03). Also, the BrE listeners
identified significantly more low peak intensity
syllables as stressed (n=103 out of 440) compared
to the BM listeners (n=60) (p=.005). There was no
difference between the groups in the number of
syllables of high intensity they identified as
stressed: 37 syllables out of 130 were identified by
the BrE listeners and 29 by the BM listeners)
(Figure 3).
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5. DISCUSSION
The results indicate that L1 BM listeners are not more
likely to identify syllables with increased intensity as
prominent in comparison with L1 BrE listeners, thus
there was no evidence to reject the null hypothesis.
This result is not really a surprise, given no research
on other languages has highlighted intensity as being
salient in the identification of stress on its own.
It is more surprising that BrE listeners perceived a
greater number of mid- and low-peak BM syllables to
be stressed than the BM listeners. It is possible that
these syllables have higher F0 than those which were
not perceived as stressed by the BrE listeners. Should
this be the case, it could indicate that F0 and intensity
are not as interrelated physiologically in the
production of stress in BM as they are in some
languages. However, as the jury is out on the
linguistic effect of stress in BM, this may not prove
to add anything of use to the argument.
The BrE listeners, who participated in this
research for partial course credit, were asked to write
a reflective passage on aspects of taking part in the
research. Among other things, they were asked
whether they had any difficulties completing the
tasks. One matter arising was the low overall
intensity of the filtered files, which resulted from the
application of the low-pass filter – i.e., they found the
filtered files to be rather quiet. This may have had an
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ABSTRACT
Previous research has shown that native listeners of
British English integrate semantic and prosodic cues
such that the presence of both sources of information
does not facilitate phoneme detection. In the study
reported here, we show that listeners of General South
African English listening to British English material
show a different pattern, using both prosodic and
semantic information in phoneme detection. As
previous research has shown that listening to
regionally-accented speech affects processing at
different levels, we attribute this difference to the fact
that these listeners are listening to a non-native
dialect.
Non-native listeners (e.g. Dutch listeners listening
to English material) show a similar processing
mechanism in using prosodic and semantic
information independently. It thus seems that
processing mechanisms are adapted not only when
listening to a foreign language (even for highly
proficient speakers of a foreign language) but also
when listening to a different dialect of the same
language.
Keywords: dialect, processing, British English,
South African English, prosody, phoneme detection
1. INTRODUCTION
In English, the information structure of a given
utterance can be marked prosodically, e.g. in that
focused constituents are realized with a pitch accent
and given constituents are deaccented [9]. The use of
prosody used for marking information structure has
been reported for different varieties of English (here
referred to as dialects), such as British English,
American English and General South African English
to name a few. Similarly, also other languages, such
as Dutch and German, mark information structure in
a similar way.
For speech processing, previous research has
shown that English listeners exploit both semantic
information (i.e. focus, [5]) and prosodic cues (i.e.
accent, [3]). Furthermore, [1] showed that semantic
and prosodic cues are not processed independently of
each other when manipulated in the same experiment:
“when listeners are given semantic cues as to where
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to find the new information in an utterance, the search
for accent has less to offer” [1:86].
The current study seeks to explore whether the
integrated processing of prosodic and semantic cues
also holds when listening to a different dialect of
one’s first language. [10] researched the effects of
regionally-accented speech at different processing
levels and found that phonemic discrimination and
word recognition are most affected, whereas semantic
priming does not seem to be affected much by
listening to dialects. [7] has shown that listening to
regionally-accented speech has costs on spoken word
recognition. These costs can be long-lasting with no
habituation after repeated exposure to the same accent
([6]).
By means of a phoneme detection task, the current
study investigates the processing of semantic focus
and its prosodic cues in white monolingual listeners
of General South African English, listening to British
English stimuli. General South African English
(GenSAfE) and British English (BrE) share
phonological characteristics due to their shared
history, such as being non-rhotic ([2]). Both varieties
are also very similar in their prosody by manipulating
pitch, duration and intensity for semantic focus
marking ([12]). At the same time, BrE and GenSAfE
are two clearly discernible regional varieties of
English, with the two main phonological indicators
being the vowels of KIT and BATH ([2]). In addition, a
linguistic orientation towards American English can
be observed in young South African speakers,
possibly due to media influence (see [8]). This
suggests that BrE is perceived as a marked accent in
South Africa.
Our prediction is that processing of regionallyaccented speech will incur overall higher processing
costs which might not underlie habituation even after
extended exposure to the accent. In a phonemedetection task, this is expected to result in longer
reaction times when listening to regionally-accented
stimuli as compared to same-dialect stimuli. Next to
quantitative differences, there might also be
qualitative differences. It is an open question whether
the linguistic similarities between these two varieties
of English lead listeners to integrate prosodic and
semantic cues in a similar way that listeners listening
to the same dialect will, or whether a different

processing strategy is used when listening to
regionally-accented speech.
2. PROCESSING FOCUS AND ACCENT
By means of a phoneme-detection task, [1] tested
English and Dutch speakers on their exploitation of
semantic and prosodic cues in speech processing.
Participants had to press a button as soon as they
heard a pre-specified sound. The set of materials
comprised twenty-four semantically unrelated
experimental sentences, like for instance “the young
man on the corner was wearing a blue hat”, each
containing a pre-specified target phoneme (either /d/
or /k/ or /b/; e.g. /k/ of corner).
Semantic status was controlled for by means of a
preceding question, which asked either for the target
word containing the pre-specified phoneme (focused)
or some other constituent (unfocused). For example,
with [b] being the target phoneme in the sentence
“The man at the corner was wearing the blue hat.”,
the question “Which hat was the man wearing?”
would yield the focused condition, whereas the
question “Which man was wearing the hat?” would
yield the unfocused condition.
Prosodic status was controlled for by having
recorded the target sentences in different focus
conditions, with accent on either the target word or
some other word. Although the target-phoneme
bearing word itself never bore an accent in the
experimental stimuli (having been cut and spliced in
from a neutral reading), the stretch preceding the
target word showed differences in prosody.
The results for British English listeners are
reproduced in figure 1.
Figure 1: Mean response times (ms) for the effect of
predicted accent as a function of focus (taken from [1:
86])

semantic cues are not exploited together for the same
processing purpose when both are available. If both
cues match, processing is fastest, though not
significantly faster than if only the semantic cue is
present. If both cues are absent, however, processing
is considerably delayed.
3. METHODOLOGY
We replicated [1]’s phoneme detection study, using
the original BrE stimuli. The participants’ task was to
click a button as soon as they heard a pre-specified
sound. The reaction times to the button presses were
measured and interpreted as cues to processing.
3.1. Materials
The materials were those ones used in [1]. The set of
materials comprised twenty-four semantically
unrelated experimental sentences, each containing
one target phoneme (either /d/ or /k/ or /b/) in the early
position of the sentence (e.g. /k/ of corner) and
another one in the late position of the sentence (e.g.
/b/ of blue).
Semantic status was controlled for by means of a
preceding question, which asked either for the target
word containing the pre-specified phoneme (focused)
or some other constituent (unfocused).
Prosodic status was controlled for by having
recorded the target sentences in different focus
conditions, with accent on either the target word or
some other word.
The different manipulations resulted in eight
versions of each target sentence, with all possible
combinations of early/late target, focused/unfocused
and two prosodic contexts (accented/unaccented).
Each participant heard only one of these eight
versions. Hence, eight different lists were created to
which participants were randomly assigned. In
addition, the experimental material contained 24 filler
sentences.
3.2. Participants

Results show that the target phonemes are generally
detected faster in focused words than in unfocused
words. Only in unfocused words is there an additional
benefit of accent, but not in focused words. The same
pattern emerged for Dutch listeners listening to
Dutch, which has a similar focus-to-accent-mapping
(cf. [1: 87, fig. 2]). As stated in the introduction,
findings were interpreted in that prosodic and

2273

Forty-nine monolingual white speakers of GenSAfE
between the age of 19 and 29 (25 male, 24 female,
age average= 21.5, SD=4.4) took part in the study. All
of them had (GenSAf) English as their only first
language. Participants were all students at the
University of Witwatersrand, Johannesburg. They
received a travel reimbursement fee for their
participation. None of them reported vision or hearing
impairments.

3.3. Procedure
The testing procedure was a faithful replication of the
one by [1] in terms of instructions, order of the stimuli
presentation and inter-stimulus interval (2 seconds).
The original recordings were usedii, which were
produced in a unmistakenly British English accent. In
each trial, participants first saw the target phoneme
(appearing for one second on the screen of a portable
laptop) and then heard (binaurally over headphones)
the question followed by the answer. After the
phoneme-detection, a post-recognition test was
administered in a pen-and-paper version to test actual
language comprehension during the phonemedetection task. It was a multiple choice test
comprising 24 of the 48 target sentences heard during
the phoneme-detection task. Subjects had to decide
between four words, which had been the (early or
late) target-bearing word.
The experiment was designed by using E-prime
software [11]. Response times were recorded by
means of a button box linked to the portable computer
and calculated in relation to the timing interval
between the start of the sentence and the onset of the
target-bearing word. Participants were tested
individually in a quiet room at the University of the
Witwatersrand, Johannesburg.
4. RESULTS
4.1. Post-recognition test
The overall mean score of correct answers to the postrecognition test was 75% (SD = 12.5).
4.2. Phoneme-detection test
No subject was responsible of more than 3 missing
responses. Following [1], one item was excluded
from the analysis to avoid confounding factors in the
analysis (see sentence 19 in Appendix in [1]).
Concerning the accuracy data (number of correct
responses in the detection of the phoneme), table 1
shows the number of missing responses (43 overall,
coded as “N(o)”) split by Prosodic status (A:
accented, UNA: unaccented) and semantic status (F:
focused, UNF: unfocussed).
A
N
Y

F
8
274
282

UNF
9
273
282

F
10
272
282

UNA
UNF
16
265
281*iii

Table 1: Missing responses (“N(o)”) and correct
responses (“Y(es)”) in phoneme-detection task
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Statistical significance was checked with a binomial
logistic regression model with type of response
(correct “1” vs. incorrect “0”) as dependent variable,
semantic status (focused vs. unfocused) and prosodic
status (accented vs. unaccented) as predictors.
Random slopes for each factor were included in
speaker and item. There was no effect of semantic
status (p=0.4), no effect of prosodic status (p=0.6)
and no interaction (p=0.2).
As for reaction times (RTs), missing responses (43
data points) were excluded, thereby leaving 1084 data
points for analysis. Furthermore, since responses less
than 100 ms are more likely to reflect guessing
(resulting from anticipation) of the target-bearing
word, while RTs longer than 1500 ms might be
interpreted as a sign of reprocessing the whole
sentence (see [1, 3]), RTs shorter than 100 ms and
longer than 1500 ms were also excluded (N=52,
accounting for 4.8% of the data). This left 1032
responses for the RTs analysis.
The overall RTs mean (423.4 ms) were slightly
higher, and thus slower, than that of the BrE group
(mean: 394 ms) tested in [1]. Furthermore, a mean
difference of 33 ms was found between RTs for early
targets vs. RTs for late targets (early: 439.6 ms vs.
late: 406.2 ms), in line with previous studies showing
that early targets are generally detected slower than
late ones, [1].
We run a linear mixed effects model (based on 49
speakers, 23 items and 1032 observations) with RTs
as function of semantic status (focused vs.
unfocused), prosodic status (accented vs. unaccented)
and target position (early vs. late). The model
revealed:
 A main effect of semantic status: Target
phonemes in focused words were detected
significantly faster than in unfocused ones
(βfocused= 24.3, SD= 9.3, t-value= 2.59, p< .05)
 A main effect of prosodic status: Target
phonemes in accented words were detected
significantly faster than in unaccented ones
(βaccented= 55.5, SD= 9.9, t-value= 5.58, p< .0001).
 A main effect of target position: Late target
phonemes were detected significantly faster than
early ones (βlate= 35.7, SD= 14.4, t-value= 2.48,
p< .05)
 No interaction between any of the three factors
(all p-values> 0.1).
Figure 2 shows the mean RTs for the effects of
prosodic and semantic status (focused/accented:
392.4 ms; focused/unaccented: 434.3 ms; unfocused/
accented: 401.8 ms; unfocused/unaccented: 470.5
ms).

Figure 2: Mean response times (ms) (GenSAfE
listeners tested on BrE materials), whiskers represent
standard errors
Prosodic status

Accented

Unaccented

500

mean RTs

450

400

350

300
Focussed
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An ANOVA analysis following the procedure as in
[1] confirms the results of the linear mixed effects
model.
5. DISCUSSION
Listeners of GenSAfE exploit both semantic and
prosodic information independently in the processing
of a BrE sentence, as evidenced by the two main
effects of prosodic status and semantic status.
Accents lead to significantly faster reaction times
both in focused and unfocused words. It is in this
respect that processing of a regionally-accented
English differs from same-dialect processing. In
same-dialect processing (BrE listeners listening to
BrE material in [1], fig. 1) an interaction between
focus and accent was found, such that accent
contributes only little in focused contexts.
For across-dialect processing, we postulated two
hypotheses, namely that overall reaction times are
slower and that qualitative differences emerge in the
processing of semantics and prosody. As for the
quantitative differences, the overall mean RTs are
considerably longer in the across-dialect study
presented here (namely 423 ms) than in the samedialect study conducted by [1] (394 ms). However,
for various reasons it is not valid to directly compare
the absolute values across [1] and our study, so this is
left for future research.
On the other hand, a qualitative difference in the
processing of semantic and prosodic cues within and
across dialects clearly emerges. In same-dialect
processing (see figure 1) semantics and prosody are
exploited with no facilitatory effect if both match, but
considerable delay if neither prosody nor semantics is
guiding listeners’ expectations. In across-dialect
processing (see figure 2) both semantics and prosody
are exploited in processing. Prosody always has a
facilitatory effect independent of semantic cues.
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Thus, there is an integrated processing mechanism for
prosodic and semantic cues in same-dialect
processing, not influencing each other to any
significant extent if both cues converge. In acrossdialect processing, however, processing of prosodic
and semantic cues remains independent.
[1] use the term „fail-safe, belt-and-braces
approach“ for a processing strategy that does not
integrate both kinds of information but use the cues
independently of each other, contrary to same-accent
L1 listeners. [1] observe this processing strategy also
in non-native listening, when Dutch listeners listened
to English material. Despite similarities of English
and Dutch concerning the use of prosody to mark
focus, Dutch listeners who are highly proficient in
English show a processing strategy in non-native
listening that is different to the processing strategy
they show when listening to Dutch material.
Dutch listeners listening to BrE material show
main effects of prosodic and semantic status but no
interaction (cf. [1: fig. 4]). Thus, they too, use
prosody and semantics independently in processing.
The parallel processing pattern can also be found
South African Sepedi-English bilinguals listening to
BrE material (Turco & Zerbian, under review).
The results of our study therefore show a
qualitative difference in phoneme detection across
and within dialects. Whereas within the same dialect,
prosodic and semantic cues are integrated, they are
processed independently across dialects. As a parallel
observation has been made for non-native listening, it
seems that bilingual and across-dialect listening
resemble each other in this particular aspect. Native
English listeners listening to a variety of English
other than their own thus seem to pattern with
listeners listening to a different language rather than
English L1 listeners listening to their own variety in
this particular aspect.
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ABSTRACT
This study investigates English speech rhythm,
focusing on the variations in the length of stressed
syllables in English utterances of native speakers
(NAT) and Korean EFL learners (EFL). Two
corpora are used to measure the duration ratio of
vowels in stressed syllables and compare it between
NAT and EFL as well as among EFL groups divided
by three proficiency levels. The rationale for using
stressed vowels is that NAT tend to lengthen
stressed syllables and shorten unstressed ones while
EFL do not in their English speech due to L1
interference. Thus, it is hypothesized that NAT
would show the highest ratio value which would fall
as proficiency levels of EFL decrease. The statistical
results indicate that the ratio is useful in capturing
speaker group differences. Although there is room
for further investigation, this study contributes to
efforts in developing auto-scoring systems of
English speech by presenting a temporal feature.
Keywords: L2 rhythm, rhythmic feature, vowel
duration, stress, auto-scoring, proficiency level
1. INTRODUCTION
Prosody has a significant effect on the production of
L2 speech. In particular, L2 speakers whose native
language, as Korean, does not utilize a phonemic
stress system fails to implement the correct speech
rhythm when producing utterances of a stress-based
target language like English. Empirical studies have
shown that proper stress placement plays a crucial
role
in
improving
intelligibility
and/or
comprehensibility of L2 speech. (e.g., [3] and [6]).
Thus, discovering rhythmic features based on stress
will facilitate explanation of a variety of phenomena
related to L2 acquisition.
When examining English L2 rhythm produced by
Korean learners, focusing on the temporal aspect of
syllables, or specifically vowels, could lead to
meaningful findings. This is because English rhythm
is closely associated with vowel reduction, where
vowels lacking in stress are produced with shorter
durations unlike Korean vowels that do not show
such variations in length depending on
characteristics of stress. Based on this notion, Kwon
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[7] compares the duration of vowels between
English natives and Korean learners, targeting
specifically those in unstressed positions. She found
that unstressed vowels in English utterances of
Korean learners were longer than those in native
speech. One limitation of this study is that it looks
only at differences in raw duration, failing to take
account of other possible factors involved such as
the speech rate effect.
Instead of employing raw measures, investigating
proportional differences of vowel durations could be
more effective. For instance, Jung & Rhee [5]
examine English utterances of L2 speakers (Korean,
Japanese, and Taiwanese) using the duration ratio of
stressed vowels to unstressed vowels. Nakamura [8]
have also found the ratio to be effective in
characterizing English L2 rhythm of Japanese.
However, only a few studies have looked at the
measure of vowel durations across different
proficiency levels. Galaczi et al. [4] provide a
thorough analysis on the speakers of different L1
language backgrounds, though investigating a
relatively small number of tokens for each language
group. By utilizing various methods to calculate the
ratio of stressed vowel duration, and by taking into
account the proficiency levels of Korean L2
speakers, this study provides a comprehensive
analysis of duration ratio as a prosodic feature. It is
expected that native speakers would show the
highest ratio of stressed vowels unlike Korean EFL
learners who are assumed to be less apt at
distinguishing between stressed and unstressed
vowels due to differences in the rhythmic properties
of the two languages. It is predicted that the effect of
this difference would interact with the speakers’
levels of proficiency, with those from lower levels
showing lower ratio values as compared to those of
higher levels.
2. DATA AND METHOD
2.1. Corpus

This study utilizes two corpora to examine whether
stressed vowel ratios can be used to distinguish
native speakers of English (NAT) from Korean EFL
learners (EFL) as well as the EFL group divided by
proficiency levels. The first corpus is PRAWN_dB

developed by Chung et al. [2]. The data consist of
English words, phrases, and sentences read by 20
native speakers and 60 Korean learners. From the
total of 16,160 tokens, 1,760 tokens were extracted
for the analysis. These tokens come from 22
declarative sentences that are 7 to 19 syllables (6 to
13 words) in length, with 440 tokens from native
speakers and 1,320 from Korean learners.
For the current analysis, the Korean speakers
were divided into three proficiency levels. Basically,
each speaker’s level was defined by his/her selfassessed confidence, but all the speech tokens were
re-examined by an experimenter to adjust the level
when an obvious misclassification was observed.
Table 1 below summarizes the number of subjects in
each level.
Table 1: Number of Korean speakers in each
proficiency level from the PRAWN data.

Proficiency level
High
Mid
Low
Total

Number of
speakers
14
33
13
60

High
Mid
Low
Total

159
383
57
600

Each stressed syllable in content words is defined as
with either primary or secondary stress. No syllables
in function words are considered to be stressed
assuming that their prominence is minimal. It is also
important to note that this study uses phonologically
pre-defined concept of stress. Although there are
many variations to stress depending on the context,
fixed information had to be used for the calculation
of the durational ratio in a large set of data.
There are three types of stressed vowel ratios
used in the analysis. They can be described by the
following formula:
∑𝑛
1 𝑉𝑛
𝑋

𝑉𝑛 : Duration of nth stressed vowel
𝑋: Measures of comparison

Table 2: Number of tokens in each proficiency
level from the AESOP data.

Number of
Tokens

2.2. Calculation

(1) 𝑆𝑡𝑟𝑒𝑠𝑠𝑒𝑑 𝑣𝑜𝑤𝑒𝑙 𝑟𝑎𝑡𝑖𝑜 =

Another corpus was used for a more reliable source
of proficiency ratings. This was the AESOP (Asian
English Speech cOrpus Project) corpus, developed
to study variations in Asian EFL speech [9]. It
contains read speech and semi-spontaneous
responses from EFL speakers from Hong Kong,
Taiwan, Japan, Korean, Thailand and Vietnam. A
total of 600 tokens (200 speakers X 3 sentences per
speaker from 6 types of sentences) of Korean EFL
speakers’ utterances were provided with files of
auto-segmented phones and words in TextGrid
format of Praat [1].

Proficiency level

performance. If the average values were less than
three the tokens were considered to be at the low
level, while values less than four were classified at
the middle level, and the rest were grouped as high.
The number of tokens in each level is described in
Table 2.

For a number of stressed vowels existing in an
utterance, the sum of their durations is divided by X
that may refer to the total utterance duration (S2T),
the total duration of unstressed vowels in an
utterance (S2U), or the total duration of vowels
(S2V). The purpose of using three different features
is to examine their behaviors in different contexts
and to find the most robust one in capturing the
rhythmic differences between the speech of natives
and Korean learners.
3. RESULTS
3.1. Results from the PRAWN Data

The difference between the ratios of NAT and the
entire EFL in the PRAWN data was examined first.
An analysis of the means indicates that NAT shows
higher ratio values than EFL, just as originally
hypothesized. The distribution of the ratios by the
speaker groups is provided in Table 3.
Table 3: Means (Standard deviations) of NAT

and EFL in the PRAWN data.

Fluency ratings for each token were also provided,
where four trained raters evaluated the English
utterances of Korean speakers on a scale of one to
five, with greater numbers indicating better
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Ratio
S2T
S2U
S2V

NAT
0.16 (0.06)
1.53 (0.97)
0.55 (0.16)

EFL
0.15 (0.07)
1.23 (1.74)
0.48 (0.18)

All the ratios of NAT are higher than those of EFL,
with S2U showing the largest difference in means
between the groups (0.301) as it varies the most,
followed by S2V (0.066) and S2T (0.014). The
differences analyzed with the permutation test were
found to be meaningful for S2T (Z = -3.908, p <
0.001), S2U (Z = -6.799, p < 0.001), and S2V (Z = 7.030, p < 0.001). Moreover, fitting and comparing
linear mixed-effects (LME) models yielded a
significant result for S2T (χ² (1) = 7.262, p = 0.007),
S2U (χ² (1) = 9.087, p = 0.002), and S2V (χ² (1) =
36.751, p < 0.001).
Korean EFL speakers were grouped into the
three proficiency levels of high, mid, and low. These
groups, along with NAT, are referred to as the factor
PROF in the analysis of the data from PRAWN, and
were compared across each of the ratios.
Table 4: Means (Standard deviations) of

PROF in the PRAWN data.
Ratio
S2T
S2U

High
0.16
(0.07)
1.36
(0.96)
0.51
(0.18)

Mid
0.15
(0.07)
1.17
(0.85)
0.48
(0.17)

Low
0.13
(0.06)
1.04
(0.76)
0.45
(0.17)

difference is significant for S2T (χ² = 23.2, p <
0.001), S2U (χ² = 60.682, p < 0.001), and S2V (χ² =
61.463, p < 0.0001). The results of the fitted LME
model show that there is a significant effect of
PROF for S2T (χ² (3) = 13.992, p = 0.003), S2U (χ²
(3) = 51.289, p < 0.001), and S2V (χ² (3) = 55.47, p
< 0.001).
The post hoc tests were performed on both
results from the permutation test and LME model
analysis. For all three types of ratios used in the
permutation test, the comparison results between
each group are meaningful except for S2T between
NAT and EFL-high, and between EFL-mid and
EFL-low. S2T’s power as a discriminative feature
may be offset by the variations found in the total
utterance duration.
In the LME analysis, significance was found
between NAT and EFL-mid, between NAT and
EFL-low, and between EFL-high and EFL-low for
S2T. Conversely, the results of S2U and S2V are
similar in that the differences between all of the
groups were meaningful except for the pair EFL-mid
and EFL-low.
3.2. Results from the AESOP Data

As indicated in the above table, the mean values of
the ratios all decreased as the proficiency level went
from high to low. Boxplots showing the distribution
of S2V for each group is provided below to visualize
this falling pattern.

The factor marked as PROF differs across the
AESOP and PRAWN data. I evaluated the level of
proficiency for individual speakers in the extracted
data from PRAWN, while individual utterances in
AESOP were rated by four different evaluators. Also,
there were no native participants represented in the
AESOP data, so only three groups are compared:
high, mid, and low. The distributions of the ratios
exhibited by the three groups are shown in Table 5.

Figure 1: Boxplots of PROF (NAT, High, Mid,

Table 5: Means (Standard deviations) of

S2V

Low) with mean values of S2V labeled.

PROF in the AESOP data.
Ratio
S2T
S2U
S2V

The results were verified using the Fisher-Pitman
permutation test and fitting the LME model. The
results of the permutation test indicate that the
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High
0.20
(0.06)
1.12
(0.79)
0.48
(0.15)

Mid
0.20
(0.05)
0.93
(0.51)
0.45
(0.13)

Low
0.21
(0.05)
0.87
(0.38)
0.44
(0.12)

The mean values of S2T show a different pattern in
that the low group’s S2T is the highest, and that of
the mid group is the lowest. This may suggest that
the effect of S2T is offset by the fact that the low
level speakers speak more slowly with longer
durations. S2U and S2V exhibit a tendency similar
to that of the previous results, showing the ratios
decreasing with the level of proficiency, although
the amount of decrease is much smaller.

The results from the Fisher-Pitman permutation
test indicate a significant effect for S2U (χ² = 11.67,
p = 0.002), but not for S2T (χ² = 4.361, p = 0.114) or
S2V (χ² = 4.365, p = 0.108). Fitting to an LME
model leads to different outcomes where the
differences between the groups are found to be
meaningful for S2U (χ² (2) = 31.482, p < 0.0001)
and S2V (χ² (2) = 34.411, p < 0.0001), but not for
S2T (χ² (2) = 3.325, p = 0.190). The results of the
two statistical analyses can differ since the LME
model controls for random effects while the
permutation test does not. In this sense, fitting LME
models is advantageous for returning more reliable
results.
No significance was found for S2T or S2V,
while S2U distinguished between EFL-high and
EFL-mid, and between EFL-high and EFL-low. S2T
could not distinguish between any of the groups in
PROF, whereas S2U and S2V behaved similarly in
that meaningful results were found between all the
pairs except EFL-mid and EFL-low. The same
pattern was found in the analysis of the data from
PRAWN, which makes the results more reliable.
4. DISCUSSION
The results generally support the hypothesis,
indicating that these ratios can discriminate between
speakers, especially between EFL and NAT. It is
also to note that S2U seem to be distinguishing the
speaker groups most effectively. Nevertheless, EFLmid and EFL-low showed marginal differences
between the groups in PROF. An instant impression
from these results is that speakers of the lower levels
do not differ in their pronunciation of vowels in
terms of duration. In other words, speakers of both
the low and mid-levels produce English vowels of
comparable length, a characteristic that contrasts
with the high level and native speakers, who place
prominence on stressed syllables by lengthening
their vowels. This would have to be verified by
further research, as there still remains the possibility
that the results from this study were affected by the
data used, such as the restriction to solely autoaligned information and the limited number of
tokens for EFL-low.
Notwithstanding the above constraints, this study
contributes to ongoing efforts to characterize the
features of L2 rhythm by taking into account various
methods to calculate the stressed vowel ratios and
the proficiency level of Korean learners. The two
sets of data used in this study differ in their
definition of proficiency level, yet showed rather
consistent results. Identifying the effect of sentences
and using a larger data set for the EFL-low group
could enhance the performance of the ratios in future
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work. In addition, the findings of this study have
implications for auto-scoring systems of L2 speech
where
measurements
and
weightings
of
pronunciation features play an important role. This
study showed that the stressed vowel ratios,
calculated from auto-segmented data, could
distinguish between the speaker groups, meaning
that the result can be directly implemented into autoscoring systems of Korean EFL speech. Utilizing the
duration ratio of stressed vowels as a feature in such
systems would lead to meaningful results.
5. ACKNOWLEDGEMENTS
This work was supported by Institute for
Information & communications Technology
Promotion (IITP) grant funded by the Korea
government (MSIT). (R0126-15-1117, Core
technology development of the spontaneous speech
dialogue processing for the language learning).
6. REFERENCES
[1] Boersma, P. 2001. Praat, a system for doing phonetics
by computer. Glot International 5:9/10, 341-345.
[2] Chung, H., Jang, T. Y., Yun, W., Yun, I., Sa., J. 2008.
A study on automatic measurement of pronunciation
accuracy of English speech produced by Korean
learners of English. Language and Linguistics 42,
165-196.
[3] Field, J. 2005. Intelligibility and the listener: The role
of lexical stress. TESOL Quarterly 39, 399-423.
[4] Galaczi, E., Post, B., Li, A., Barker, F., Schmidt, E.
2017. Assessing second language pronunciation:
Distinguishing features of rhythm in learner speech at
different proficiency levels. In: T. Issacs, T.,
Trofimovich,
P.
(eds),
Second
Language
Pronunciation Assessment, 157-182.
[5] Jung, Y. J., Rhee, S. C. 2018. Acoustic analysis of
English lexical stress produced by Korean, Japanese,
and Taiwanese-Chinese speakers. Phonetics and
Speech Sciences 10(1), 15-22.
[6] Kang, O., Rubin, D. L., Pickering, L. 2010.
Suprasegmental measures of accentedness and
judgements of English language learner proficiency in
oral English. Modern Language Journal 94, 554-566.
[7] Kwon, H. 2007. A phonetic analysis of Korean EFL
learners’ production of English reduced vowel. SNU
Working Papers in English Linguistics and Language
6, 1-13.
[8] Nakamura, S. 2011. Characteristics of constrast
between the stressed and the unstressed in rhythm
units observed in duration structure in English speech
by Japanese learners. Pan-Pacific Association of
Applied Linguistics 15(1), 177-189.
[9] Visceglial, T., Tseng, C., Kondo, M., Meng, H.,
Sagisaka, Y. 2009. Phonetic aspects of content design
in AESOP (Asian English Speech cOrpus Project).
2009 Oriental COCOSDA International Conference
on Speech Database and Assessments Urumqi, 60-65.

An investigation of the effect of L1 dialect on the L2 perception of lexical stress
Hyunjung Lee1, Eun Jong Kong2, Jeffrey J. Holliday3
1

Incheon National University, 2Korea Aerospace University, 3Korea University
1

hjlee123@inu.ac.kr, 2ekong@kau.ac.kr, 3holliday@korea.ac.kr

ABSTRACT
This study explores the effect of Korean learners’
native dialect in discriminating English stress
patterns. The nature of Kyungsang Korean (KK;
lexical pitch-accent dialect) yields a prediction that
KK learners of English would outperform Seoul
Korean (SK) learners in identifying English stress,
as KK speakers are more sensitive to f0 variation, an
acoustic dimension of English stress. We
administered two ABX discrimination tasks to three
groups of participants (37 KK, 40 SK, 16 L1 English)
to examine their accuracy in perceiving English
stress location. The tasks consisted of English and
Korean nonce words varying in the type of pitch
accent. Results showed that the group-averaged
accuracies for KK were lower than those for SK,
indicating KK’s use of f0 in their native dialect did
not positively influence their identification of
English stress. Our further acoustic examinations of
f0 support this characterization.
Keywords: pitch accent dialect, stress language,
ABX discrimination, non-native perception
1. INTRODUCTION
It is well known that individual learners perform
differently in learning L2 sounds depending on
various learner-internal and -external factors, with
the phonological grammar of the learners’ L1 being
one of the most important [2, 3, 9, 10]. Given this, it
is speculated that phonological variation across
dialects of the same L1 might influence L2 learners’
speech perception [4]. Many previous studies,
however, have assumed some degree of L1
homogeneity, neglecting L1 dialectal variation
(although see [4], [6], and [7] for studies examining
such effects in L2 vowel perception, and who argue
that researchers should pay closer attention to L1
dialectal differences). The purpose of this study is to
examine the effect of L1 dialect on the perception of
non-native suprasegmental properties.
In this study, we examined whether and how the
different tonal systems of Korean dialects affected
the non-native perception of English lexical stress by
comparing the perception pattern between non-tonal
Seoul and tonal Kyungsang dialect speakers of
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Korean. Kyungsang Korean is different from
standard Seoul Korean in that it is a lexical pitch
accent variety in which segmental homophones are
distinguished by differing the location of an
accented syllable or f0 peak in otherwise similar
words (e.g., kaci ‘type (HL)’ vs. kaci ‘eggplant
(LH)’) [11, 14]. On the one hand, while Seoul and
Kyungsang Korean speakers share the same first
language, the dialectal difference regarding the tonal
system renders the use of f0 different for lexical
disambiguation. On the other hand, f0 is used
somewhat similarly between Kyungsang Korean and
English (i.e., a stress-timed language where f0 is
used to indicate post-lexical prominence) even if
they are two separate languages.
The dialectal difference in the L1 (i.e., the tonal
differences between Seoul and Kyungsang Korean)
and the similarity between one L1 variety and the L2
(i.e., the use of f0 in Kyungsang Korean and English)
raise several hypotheses. If Kyungsang listeners’ use
of f0 for lexical disambiguation does not facilitate
the perception of English stress, this lack of dialectal
effect would result in similar patterns of stress
perception between Kyungsang and Seoul Korean
learners of English. On the other hand, if the effect
of L1 dialect exists, we might expect different
patterns of English stress perception between
Kyungsang and Seoul Korean listeners. Particularly
focusing on the use of f0 in facilitating the L2
learning of lexical stress, this study compared the
perception patterns across three groups native dialect
and language listeners: Seoul Korean (SK),
Kyungsang Korean (KK), and American English
(EN). We adopted an ABX discrimination task [8]
with nonce words in Korean and English. Based on
cross-linguistic and dialectal comparisons, this study
aims to broaden our understanding of the role of
individual-level phonology in L2 speech perception.
2. METHOD
2.1. Participants

A total of 93 subjects completed the present
perception experiment: 37 KK (16 males), 40 SK
(20 males), 16 EN (4 males). Subjects were paid for
their participation. The mean age of the KK, SK, and
EN groups was 22.7, 23.3, and 21.1 years old,

respectively. The English-speaking participants were
speakers of midwestern American English. The KK
and SK participants were all born and educated in
the target dialect regions: the city of Changwon,
where the South Kyungsang variety of Korean is
spoken, and the Seoul and Kyunggi regions where
standard Seoul Korean is used. Subjects reported no
language or hearing problems.

the stimuli in each trial were triplets of nonce words
differing in segments and with either A or B having
the same pitch accent/stress pattern as X. For
example: A /bu.ʧi/, B /sər.ʧu/, X /ban.tæk/.
Participants were instructed to attend to the rhythmic
pattern of each word in the triplets and indicate
whether the rhythm pattern of X was the same as
that of A or B by using the mouse to click a button
on the screen labelled <A> or <B>.

2.2. Stimuli
2.4. Analysis

Two sets of stimuli were created: English nonce
words and Korean nonce words. For the English
nonce word set, we created three disyllabic nonce
sequences of segments (/bu.ʧi/, /sər.ʧu/ and
/ban.tæk/) produced by two phonetically-trained
male native speakers of midwestern American
English; the speakers were instructed to produce the
three nonce words stressing the first syllable in one
version, Strong-Weak (SW) and stressing the second
syllable in the other version, Weak-Strong (WS).
The two repetitions provided a total of twelve
unique nonce word audio stimuli. Similarly, three
disyllabic Korean nonce words (/pu.cɔn/, /cᴧ.ku/ and
/pɔn.mæk/) were presented to two male native KK
speakers, who produced the nonce words twice
while varying the pitch accent type between HL and
LH. A total of 24 English nonce word stimuli (3
nonce words × 2 stress types × 2 speakers × 2
repetitions), and 24 Korean nonce words (3 nonce
words × 2 pitch accent types × 2 speakers × 2
repetitions) were used for the ABX discrimination
tasks.
2.3. Acoustic measurements

We measured the f0 peaks of the stimuli used in the
perception experiment to examine how the three
groups of listeners used f0 in discriminating stress
patterns in their L1 and L2. The vowel portion of
each disyllable was first determined from the onset
of the first full period to the offset of F2. Peak f0s
were measured within the vowel for each token. We
used a Praat script for the measurement, manually
checking each value. f0 was first measured in Hertz,
and then converted into semitones to normalize
inter-speaker global pitch differences. The
difference between the peak f0s (i.e., peak f0 in S/H
minus peak f0 in W/L) was operationalized as the
pitch prominence of the token.
2.4. Tasks and procedure

The three groups of participants completed two
sessions of ABX discrimination task (English and
Korean) presented on a notebook computer and
programmed in E-Prime ver. 3.0 [12]. In both tasks,
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We examined patterns of accurate responses and the
role of f0 in accounting for the accuracy patterns by
constructing two different kinds of logistic mixedeffects regression models. The models of response
accuracy were built separately for each pitch
accent/stress types (HL vs. LH, SW vs. WS) where
correct/incorrect responses (DV) were predicted by a
fixed effect of the answer types (X=A, and X=B).
The intercept and the slope of answer type were
allowed to randomly vary at both the listener level
and talker level. The other type of model was built to
estimate the coefficient of f0 in X (f0.X: peak f0
difference between S/H and W/L syllables) in
explaining accuracy. We entered the random
intercept and slope of f0.X at the listener level and
the random intercept at the talker level. The models
were implemented using the lmer() function in the R
platform [1, 13].
3. RESULTS & DISCUSSION
Accuracy patterns were examined by the statistical
models of each language session (Korean and
English). Figure 1 displays the estimates from the
models where the group-averaged accuracies were
assessed by the pitch accent/stress type (S/H and
W/L) of the word X and answer types (X=A and
X=B).
One global tendency across the three listener
groups was that accuracies were higher when X was
identical to B (solid bar) compared to when it was
identical to A (dashed bar), although the magnitudes
of the accuracy differences differed across listener
groups and the types of pitch accent/stress.
Separated by the pitch accent type of X, there were
no accuracy differences among the three listener
groups in the HL type (left-side bars): β.diff[KK-EN] = .13, SE = .59, p = .81, β.diff[KK-SK] = .51, SE = .47, p
= .28. That is, neither Kyungsang listeners (KK) nor

English native listeners (EN) outperformed Seoul
listeners (SK) even though they are lexical pitchaccent dialect and stress language users. Similarly,
in the LH type in X, accuracies were estimated to be
not significantly different among the listener groups
(β.diff[KK-EN] = .041, SE = .54, p = .93, β.diff[KK-SK] = .19,

SE = .43, p = .64.), although, in all three groups,

accuracy significantly differed between the answer
types: Accuracy(X=B) > Accuracy(X=A), β.diff[A-B]
= .54, SE = .14, p < .0001.

Unlike the patterns in the Korean nonce word
task, accuracies differed among the listener groups
in the English nonce word task, with KK listeners
the least accurate in all analysis conditions. Models
yielded significant differences of accuracy estimates
between KK listeners and the others in the both
stress types: β.SW.B[KK-EN] = -1.1, SE = .51, p < .05;
β.SW.B[KK-SK] = -.95, SE = .38, p < .05. Seoul listeners
were not shown to be any less accurate than the
native English listeners, however, as the accuracy
estimates were not significantly different between
the two listener groups: β.WS.A[SK-EN] = -.35, SE = .73,
p = .46.

In the current study, the accuracy patterns seemed
to reflect a fairly inconsistent role of linguistic
experience in prosody discrimination. For one, the
fact that the Korean nonce words were spoken by
native speakers of their own dialect/language did not
help the Kyungsang listeners, but did help the
English listeners to perform better in the
discrimination tasks. Also, Seoul listeners performed
no worse than Kyungsang listeners in the Korean
session and English listeners in the English session
even though none of the tasks presented audio
stimuli spoken by Seoul dialect speakers. To resolve
this puzzle of inconsistent role of linguistic
experience in performing prosody discrimination,
we further investigated the role of f0 sensitivity in
explaining the accuracy scores.

0.7

Accuracy Rate
0.8 0.9
1

0.7

Accuracy Rate
0.8 0.9
1

Figure 1: Accuracy rates of ABX tasks averaged
across sessions (Korean and English nonwords),
accent types of X (first syllable and second
syllable accented), and correct answer locations (A
and B).
Korean Nonwords

EN
KK
SK
X First syllable accented

A Correct

B Correct

EN
KK
SK
X Second syllable accented

English Nonwords

EN
KK
SK
X First syllable accented

EN
KK
SK
X Second syllable accented

A series of lmer models were constructed in order to
estimate listeners’ sensitivity to f0 in the word X in
accurately discriminating the prosodic properties in
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the word A and word B. Table 1 summarizes the
parameter estimations from the models, and Figure 2
illustrates the distributions of accuracy rates of the
stimulus token X against the peak f0 differences
between the two syllables in X: peak f0 (H or S)
minus peak f0 (L or W).
In the Korean session, the model produced a
significant coefficient of f0.X for the KK group. The
positive coefficient indicates that the responses were
likely to be correct as the token X has a greater peak
f0 difference between the H and L syllables. The
magnitudes of the f0.X coefficients for the groups of
SK (β.SK = .096, SE = .047, p < .05) and EN (β.EN
= .038, SE = .063, p = .60) were smaller than that of
KK. This suggests that KK listeners were more
sensitive to the acoustic cue of dramatic pitch
excursion in performing the prosody discrimination
task. It is noted that for the EN group, f0.X was not a
significant variable in predicting the accuracy
patterns.
In contrast, the model for the English session
returned no significant coefficient of f0.X for the KK
(and SK, β.SK = .028) listeners but a significant
coefficient of f0.X for the EN group (β.EN = .087,
SE = .026, p < .001). Coefficients of f0.X were
greater in EN, SK, and KK, in that order. A positive
coefficient of the EN group suggests that a bigger
pitch expansion in the word helped the EN listeners
to correctly discriminate the prominence patterns in
the stimuli.
This pattern in the output of the statistical models
is well illustrated in Figure 2, where similar degrees
of slope steepness were observed in KK and SK.
That is, Kyungsang and Seoul Korean listeners
patterned similarly in utilizing f0 information in
prosody discrimination of both Korean and English
nonce words, which differed from English listeners’
use of f0. This supports a lack of a dialectal effect in
the perception of non-native language prosody.
Although there was no evidence of a dialectal
effect in the current study, there seems to be some
effect of familiarity with the auditory source in
accessing to the f0 information. While both English
and Kyungsang listeners are supposed to be sensitive
to f0 due to the prosodic properties of their native
varieties, their full usage of f0 information was
consistently conditioned to the stimulus languages.
This might imply that the application of f0
sensitivity to non-native perception is not
necessarily an automatic process.
Table 1: Output of the logistic mixed-effects
regression models where Accuracy was predicted
by the f0.X variable with Listener Group as an
interaction. The reference level of the Group
variable is Kyungsang Korean. SK = Seoul Korean,
and EN = English native listeners.

Estimate
<English nonwords>
(Intercept)
1.568
f0.X
0.019
EN
0.754
SK
0.831
f0.X:EN
0.067
f0:SK
0.008
<Korean nonwords>
(Intercept)
1.446
f0.X
0.101
EN
0.348
SK
0.262
f0.X:EN
-0.062
f0.X:SK
-0.004

SE

z value

0.259
0.014
0.461
0.350
0.026
0.019

6.03
1.39
1.63
2.37
2.50
0.42

< .0001
.162
.102
.018 *
.012 *
.67

0.253
0.047
0.391
0.299
0.064
0.050

5.71
2.10
0.89
0.87
-0.97
-0.08

< .0001
.035 *
.37
.38
.33
.93

effect on the L2 perception lexical stress. The
findings imply that sensitivity to phonological cues
in a native dialect is not automatically transferred in
non-native perception.
These results run somewhat counter to those in [4]
and [7], which investigated native dialect effects in
L2 vowel perception. Further work is needed to
investigate whether segmental and suprasegmental
properties of native dialects are accessed differently
in L2 perception.
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ABSTRACT
This paper examines the effectiveness of auditory vs.
audio-visual training when coupled with explicit
instructions on improving perception of intonation
meanings by Mandarin-speaking learners of English
as a foreign language (EFL). 40 subjects who were
involved in the 3-week training process received
instructions of intonation forms and functions based
on the British approach. While half of them used
Audacity (auditory-only) to manage the following
self-paced practice, the other half used Praat (audiovisual). The perception experiment was administered
by eliciting judgement of interpretations of
contrastive intonation patterns with pre-, post-, and
delayed post-test design, in comparison with two
control groups (10 native RP speakers and 20
Mandarin speakers). It is found that auditory and
audio-visual training had similar effect in facilitating
perception of intonation meanings, indicating that
visualisation does not necessarily improve the
processing of intonation. This provides a
reconsideration of the preference for audio-visual
approach to intonation teaching.
Keywords: Intonation instruction, Audio-visual
training, GLMM
1. INTRODUCTION
Intonation accounts for a big part of speech
intelligibility and is notoriously difficult to be
acquired by L2 learners. The bulk of research on L2
intonation has focussed on the examination of
learners’ intonational performance at the phonetic
and phonological levels using perceptual and/or
production tasks, e.g. [1], [2], [3]. However, little is
known about how learners perceive semantic and
pragmatic meanings of intonation. Without such
knowledge, the underlying causes of the discovered
difficulties at the phonetic and phonological levels are
by no means clear.
The teaching of intonation has long been
emphasised in research since the advent of
Communicative Language Teaching (CLT) [4], but in
practice, it is usually marginalised or even ignored
[5]. The gap between research and practice might be
attributed to a lack of empirical evidence from
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rigorously controlled experimentation of intonation
training, and a failure of translations from intonation
research to teaching materials appropriate for a
particular group of EFL learners. Using speech tools
to visualise pitch curves has been favoured when
discussing intonation pedagogy as visual cues is
argued to be facilitative to auditory cues [6].
However, research on the effectiveness of audiovisual training often failed to include an auditoryalone control group, e.g. [7], [8], leaving this
argument less convincing. Aiming to fill these gaps,
this study was dedicated to train on intonation with
tailor-made instruction and practice materials
specifically designed for Chinese EFL learners by
addressing the following research questions.
First, can Chinese speakers distinguish
interpretations of contrastive intonation patterns as
native speakers do? Second, is intonation training
effective in promoting learners’ perception of
intonation meanings? If yes, is there any difference of
effects between auditory and audio-visual training?
2. METHODOLOGY
2.1. Participants

A total of 60 Chinese EFL learners aged between 19
and 34 participated in this project, 45 of whom (75%)
were self-reported L1-Mandarin speakers, while the
remaining claimed to have a good command of
Mandarin though their L1 were local dialects. All of
the participants were studying English-related
postgraduate programs at Newcastle University, and
had been learning English for more than six years.
Prior to the experiment, the Chinese participants
were pseudo-randomly assigned to three groups, two
experimental groups and one control group,
according to their English proficiencies obtained
from the Oxford Quick Placement Test (paper-andpen version), and their latest IELTS scores. Statistical
analyses of the between-group differences confirmed
the homogeneity of Chinese groups in terms of the
English proficiency at the starting point of the
experiment.
Ten native self-claimed RP speakers were also
recruited for the pre- and post-test to set a baseline for
the analyses of perception tasks.

2.2. Experiment design

The experiment was done on week one (pre-test),
week five (post-test), and week fourteen (delayed
post-test). Following [9] and [10], twenty target
utterances were selected from [11], [12] and [13] for
the pre-test. Each of these utterances was generated
with a pair of intonation patterns that convey
distinctive meanings. Eight out of 20 utterances
targeted at accentuation (tonicity), seven at prosodic
phrasing (tonality), and five at nuclear tone. Another
20 utterances used in the post-test were all
functionally matched to those in the pre-test to
minimize a possible testing effect, while utterances
used in the delayed post-test were the same as the
post-test because little testing effect was expected for
the two-month interval.
All the stimuli were recorded by two native
speakers who had expertise in English phonetics via
a Behringer ECM8000 microphone (15-20000 Hz
frequency response) connected to the Edirol R-44
recorder (44.1 kHz sampling rate, 16 bits) in a
soundproof booth of the speech lab at Newcastle
University.
The experiment was administered in DMDX
(5.1.3.4) in the Dell laptop. Each utterance was only
repeated three times to control for the duration of the
experiment and to minimize the learning effect, ended
with 60 trials in total. In case the same utterance
appearing after one another, the order of the trials was
quasi-randomised and remained the same across
participants. Within each trial, the test utterance
followed by the two meaning glosses would appear
on the screen for 10 seconds before playing the
recording during when participants could familiarise
themselves with the lexis. Once the recording was
played, they were required to choose the correct
interpretation of the meaning associated with the
intonation pattern they heard by pressing the labelled
key (A or B) corresponding to the meaning glosses.
Three practice trials were included to ensure that
participants were fully aware how to take the
experiment.
2.3. Procedure of the experiment

The perception experiment was conducted in a
soundproof booth in the speech lab. Participants came
in individually at the time of their appointed slot.
They were explicitly told that the experiment was
about intonation. When anyone expressed uncertainty
of what intonation was, very brief knowledge was
verbally provided avoiding any technical term. A
detailed explanation of the experiment had been
provided before they settled themselves and adjusted
the volume of the headphone (Bose QuietComfort 35)
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Once they pressed the space key to start, they were
asked to follow the instruction on the laptop until they
reached the end. Answers were automatically
captured by DMDX and stored for later analyses.
2.4. Training procedure

The intonation training was done from week two to
week five with six sessions each of which lasted about
2.5 hours with 60-75 mins of explicit instruction
followed by 60-75 mins of self-paced practice. The
instruction was based on [11] and [13], mainly
focused on the informational, grammatical, and
pragmatic functions of intonation realised by 3Ts
(tonicity, tonality or tone) that are properly controlled
at the phonetic level. Controversial usages and
complex intonation patterns were omitted, so was the
phonetic manipulations that Chinese EFL learners
seem to have little difficulty with. The first session
was centred on the general introduction to 3Ts and
how important intonation was in communication.
Session 2 focused on nuclear tones, session 3 and 4
on tonicity, session 5 on tonality, and the last session
on all-together. The practice materials were based on
the same sources, designed into activities focusing on
particular intonation feature instructed in that session,
in an order from shorter to longer utterances and to
dialogues with a mixture of perception and
production activities. Elicitation of linguistic
knowledge of intonation always preceded the actual
perception and production practice to make sure they
understand why, which and how to use suitable
intonation patterns to deliver intended meanings.
The only difference between the Audacity and the
Praat group was during the practice, the latter could
view the annotated pitch curves of the sample
recordings and their own productions, whereas the
former only accessed to auditory recordings.
3. RESULTS
3.1. Comparisons between native and Chinese
participants for the pre-test

Before analysing the data relative to the research
questions, we ruled out the items with the correct rate
lower than 75% by native speakers and then checked
the comparability of the pre- and post-test by running
generalised linear mixed effect models (GLMM) [14]
in R [15] (the effect of time was non-significant,
χ2(1)=2.81, p>0.05).
In terms of the analyses of the pre-test, the Chinese
participants were initially treated as one group to
pinpoint the difference between them and the native
speakers. The GLMM that fitted the data optimally

included group, intonation feature, condition 1 , the
two-way interaction of condition and group,
condition and feature, and group and feature as the
fixed effects, with by-subject and by-item random
intercepts as the random effects.
The results demonstrated that native listeners were
in general significantly better than Chinese listeners
in identifying intonation meanings (b=-1.28,
SE=0.34, z=-3.73, p<0.001). By using the mixed ()
function in the afex package [16], a global effect of
group was found on the overall judgement of the
intonation meanings (χ2(1)=87.10, p<0.0001).
Although feature had no main effect (χ2(2)=0.40,
p=0.82), its interaction with group did (χ2(2)=8.45,
p=0.01), suggesting that native and Chinese
participants’ discrimination of intonation meaning
varied across different intonation features.
The post-hoc comparisons derived from the
GLMM show that native speakers were significantly
better than Chinese participants at all three intonation
features (See Table 1). Among the Chinese group, the
difficulty of understanding accentuation contrasts
was no lesser than prosodic phrasing or nuclear tone
contrasts.
Table 1: Comparisons between and within native
and Chinese listeners on different features.
Contrasts
z
Sig.
Est. SE
p
Native accent--1.7 0.3
-5.3 <.001 ***
Chinese accent
Native phrasing-- -2.6 0.3
-7.5 <.001 ***
Chinese phrasing
Native tone--3.3 0.8
-4.3 <.001 ***
Chinese tone
Native accent-0.7
0.7
1.0
0.89
N/A
Native phrasing
Native accent-1.3
1.0
1.3
0.74
N/A
Native tone
Native phrasing-- 0.7
1.1
1.6
0.98
N/A
Native tone
Chinese accent--0.3 0.6
-0.5 0.99
N/A
Chinese phrasing
Chinese accent--0.3 0.7
-0.4 1.00
N/A
Chinese tone
Chinese phrasing- -0.1 0.7
-0.1 1.00
N/A
-Chinese tone
(Results were averaged over condition on the log
odds ratio scale. P values were adjusted by mvt
method.)

1

The interval variable “condition” had five levels: new1,
new2, new3, old2, and old3. The number refers to the
occurrence of the sentence, while “new” and “old” refers
to the intonation pattern. So new1 refers to the first
appearance of the sentence with a particular intonation
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Figure 1: The mean accuracy of the comprehension
task in the pre-test (averaged by condition).

3.2. Analysis of the training effect

For the purpose of investigating the training effect,
the dataset of all three tests (pre-, post-, and delayed
post-) by Chinese participants was targeted. The most
fitted GLMM included six fixed effects and three
random effects. The fixed effects were group
(Chinese control, Audacity, and Praat), time,
intonation feature, condition, the interaction of group
and time, and the interaction of feature and condition.
The random effects were the random intercepts for
subjects and items, and the random slopes of feature
for subjects.
The results show that time had a significant effect
on the overall performance across groups
(χ2(2)=265.33, p<0.0001), so did its interaction with
group (χ2(4)=161.89, p<0.0001), indicating that the
effect of time was different for each group. The
significant effect was also found for group alone
(χ2(2)=54.45, p<0.0001).
A series of subsequent GLMMs were run
separately on the subset of the data for accentuation,
prosodic phrasing and nuclear tone so that the posthoc comparisons within each intonation feature can
be deduced from these sub-GLMMs. Fig. 2 presents
the predicted mean accuracy of accentuation across
time, and it was statistically verified by the pairwise
comparisons that the control group performed
significantly worse than the two treatment groups in
both the post- (control vs. Audacity, ß=-0.9, p<0.001;
control vs. Praat, ß=-1.01, p<0.001) and delayed posttest (control vs. Audacity, ß=-1.92, p<0.001; control
vs. Praat, ß=-2.5, p<0.001), while the difference
between the two treatment groups was not significant.
pattern, and new2 refers to the second appearance of the
same sentence but in the other intonation pattern. Old3
refers to the third repetition of the sentence spoken in an
intonation pattern that was new, etc.

In addition, the Chinese control group did not
improve at all from the pre- to the delayed post-test,
while the two treatment groups did, as the difference
between the pre- and delayed post-test was significant
(for Audacity, ß=-1.7, p<0.001, for Praat, ß=-2.07,
p<0.001) and so was the difference between the postand delayed post-test (for Audacity, ß=-0.81, p<0.01,
for Praat, ß=-1.28, p<0.001). Although the difference
between the pre and post-test was marginal for the
Audacity group (ß=-0.89, p=0.07) and nonsignificant (ß=-0.8, p=0.12) for the Praat group, it can
be seen from Fig. 2 that the predicted accuracy rate
increased from about 75% in the pre-test to nearly
90% in the post-test for both groups.
Figure 2: Predicted mean accuracy of accentuation
for Chinese groups across time.

test. For the treatment groups, no significant
improvement was found between the pre- and posttest, but both were seen a significant improvement
from the post- to the delayed post-test (for Audacity,
ß=-0.97, p<0.01, for Praat, ß=-0.76, p<0.05).
Results from the pairwise comparisons for nuclear
tone (Fig. 4) were slightly different from those of
prosodic phrasing and accentuation, as from the preto the post-test both treatment groups showed a
significant improvement (for Audacity, ß=-3.44,
p<0.001, for Praat, ß=-2.84, p<0.001). The difference
between the post- and delayed post-test was not
significant due to the ceiling effect. For the control
group, the observed improvement from the pre- to the
post-test turned out to be non-significant (ß=-0.09,
p=0.99).
Figure 4: Predicted mean accuracy of nuclear tone
for Chinese groups across time.

Figure 3: Predicted mean accuracy of prosodic
phrasing for Chinese groups across time.

4. CONCLUSION

Fig. 3 shows the predicted mean accuracy of prosodic
phrasing across time, and the pairwise differences
between groups and between time points were the
same as in accentuation in that the control group did
not improve overtime, and it performed worse than
the treatment groups at the post- and delayed post-
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This study has found that Chinese EFL learners were
significantly worse than native speakers in
identifying semantic and pragmatic meanings of
English intonation encoded by accentuation, prosodic
phrasing, and nuclear tone, and that their difficulties
in understanding intonation features were equally
scaled. In regard to the training effect, learners’
comprehension ability was improved immediately
after the training for all three features, and continued
to improve as evidenced in their native-like
performance in the delayed post-test, indicating that
certain aspects of intonation are teachable and
learnable, and tailor-made instruction and materials
are effective and applicable in use. More
interestingly, the auditory group performed and
improved in a similar fashion as the audio-visual
group, suggesting that audio-visual training does not
outperform auditory-alone training for the teaching
and learning of intonation meanings.
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ABSTRACT

(cf. [13]), limiting the generalizability of previous conclusions about the patterning of HL speakers
(HLers) vis-a-vis L1 and L2 speakers (L1ers, L2ers).
For example, few studies have focused on HLers’
knowledge and mastery of lexical tone, a feature of
many HLs spoken around the world. Tone is of particular interest due to its early onset, but protracted
development, in the L1 (cf. [24, 25, 26]). That is, it
is a feature for which one might very well expect to
see the type of “intermediate” patterning often observed for HLers relative to L1ers and L2ers.
In the present study, we build upon previous work
on tone in HL, L1, and L2 varieties of Mandarin
[5, 12, 27] to investigate the properties of Mandarin’s neutral tone (T0), a short, “light” tone surfacing on weak syllables that “has no pitch value
of its own, but acquires its pitch value according to
context” [23]. Whereas Mandarin’s four main tones
(T1–T4) are the subject of extensive research, including work on dialectal variation [15, 17, 22], T0
has been less studied, with relatively little phonetic
research even on L1 production (cf. [8, 11]). One
reason for this may be the common analysis of T0
as the outcome of reduction (i.e., absence of T1–
T4; [10, 28]). However, not all instances of T0 are
amenable to such an analysis, as T0 does not necessarily alternate with one of T1–T4. That is, while
some instances of T0 may be optional (e.g., zi in ér zi
‘son’, which may be produced with T0 or T3), others
(especially in non-final position) are obligatory.
Thus, this study was aimed at making two contributions: (1) providing new phonetic data on T0 (crucially, from different contexts), and (2) drawing detailed, multi-measure comparisons among Mandarin
speakers of different backgrounds. Our main question concerned whether the tonal advantages previously found for Mandarin HLers in the U.S., especially on T3 [5], would also be found on T0, a qualitatively different type of tone. We hypothesized
that, due to the fact that formal Chinese classes typically teach T0 explicitly but tend not to distinguish
between obligatory and non-obligatory T0 contexts,
Mandarin HLers and L2ers would diverge in their
T0 production in non-obligatory contexts. In particular, L2ers taught Standard Mandarin (largely based

This study examined the properties of neutral tone
(T0) in Mandarin as produced by three groups: native speakers raised in a Mandarin-speaking environment (L1ers), second language learners raised in
an English-speaking environment (L2ers), and heritage language speakers (HLers) exposed to Mandarin from birth but currently dominant in English.
T0 production was elicited in both obligatory and
non-obligatory contexts, acoustically analyzed, and
perceptually evaluated by Mandarin L1ers. Acoustic
data indicated little difference among groups in pitch
contour, but significant differences in duration, especially in the non-obligatory context. Perceptual data
revealed relatively low intelligibility of T0 overall,
but also a group difference whereby L2ers tended
to outperform HLers in the non-obligatory context;
nevertheless, L2ers received the lowest goodness
ratings, across both contexts. These results thus suggest that phonetic differences between HLers and
L2ers are not unidirectional, but instead vary across
aspects of the language in accordance with differences in speakers’ linguistic experience.
Keywords: heritage speakers, L2 learners, neutral
tone, lexical tone, Mandarin Chinese.
1. INTRODUCTION
The burgeoning field of heritage language (HL)
studies has led to a considerable amount of research
on the phonetics and phonology of HLs. One theme
in this literature is the phonetic and/or phonological ADVANTAGE that HL speakers (i.e., individuals
who were exposed to the target language in childhood, but have since become dominant in a different
language) tend to exhibit over late-onset second language (L2) learners [4, 14, 16, 18, 19]. However,
another theme is that of DIVERGENCE between HL
speakers and native (L1) speakers, whose acquisition of the language was not interrupted by early immersion in another language [1, 5, 6].
Although HL studies have examined a variety of
phonetic features, prosody remains underexamined
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17m; Mage = 23.7 yr, SD = 4.2) who were living in
Hong Kong at the time of testing.

on northern varieties, which tend to realize T0 in
non-obligatory contexts) were predicted to produce
T0 consistently in non-obligatory contexts, whereas
HLers (with more exposure to southern varieties and
less educational exposure to Standard Mandarin)
were predicted to show more variability.
To test these predictions, we conducted a smallscale study of T0 production by Mandarin HLers,
L2ers, and L1ers, collecting two types of data.
Acoustic data on fundamental frequency ( f0 ) contour and duration were gathered to address our central predictions regarding consistency of T0 production, while perceptual data were gathered to further
evaluate the quality of the productions.

2.2. Materials

The materials for the production study comprised 59
items, of which 6 were critical items targeting T0, 16
were items targeting T1–T4, and 37 were fillers and
items included as part of other studies not discussed
here. The critical items contained common words
likely to be familiar to the participants and, crucially,
included T0 in both obligatory contexts (i.e., in morphemes that must be produced with T0) and nonobligatory contexts. The obligatory T0 items were
(in pinyin; morphemes with T0 underlined): hē le
shuǐ ‘drink water’ + ASPECT, chī le fàn ‘eat food’
+ ASPECT, nǐ de shū ‘your book’, and hǎo kàn de
rén ‘good-looking person’. The non-obligatory T0
items were: zhuō zi ‘table’ and ér zi ‘son’.
The stimuli submitted to perceptual rating consisted of the speech recorded in the production study.
The set of critical stimuli thus comprised 624 sound
files (26 talkers × 6 items × 4 tokens), with one excluded from analysis due to file corruption.

2. METHODS
2.1. Participants

Three groups of Mandarin speakers in the U.S. (California) participated in the production study: native
Mandarin speakers (L1ers), late-onset L2 learners
(L2ers), and HL speakers (HLers) representing a
range of exposure to Mandarin. L1ers (N = 6; 4f,
2m; Mage = 29.8 yr, SD = 8.5) were born and educated in Mainland China (4) or Taiwan (2) until
at least seventh grade and were late arrivals to the
U.S. (MAOA = 24.2 yr, SD = 8.1). In contrast, L2ers
(N = 5; 3f, 2m; Mage = 21.6 yr, SD = 3.7) were
born and educated in the U.S. and raised in Englishspeaking families; they had started to learn Mandarin after age 18 (through instruction and/or prior
travel to a Mandarin-speaking country) and generally described their proficiency at the time of testing
as relatively poor (e.g., self-assessments of conversational comprehension ranging from 10% to 50%).
HLers (N = 15) were born to Mandarin-speaking
parents, but reported speaking English most of the
time overall and did not meet the description of
L1ers (i.e., being raised in a Mandarin-speaking
country until adolescence, perceiving their Mandarin proficiency to be native-like, and identifying
as dominant in Mandarin). Given the wide range
in Mandarin exposure and use, HLers were further
divided into two subgroups for analysis. The highexposure (HE) group (N = 9; 4f, 5m; Mage = 21.0
yr, SD = 1.7) reported using Mandarin to communicate with both parents most or all of the time,
whereas the low-exposure (LE) group (N = 6; 4f,
2m; Mage = 20.0 yr, SD = 1.1) reported using Mandarin at home half of the time or less and had mostly
never lived in a Mandarin-speaking country.
The listeners who served as judges for perceptual
rating were L1 Mandarin speakers born, raised, and
educated primarily in Mainland China (N = 64; 47f,

2.3. Procedure

This study consisted of a Mandarin production task
and a rating task. Talkers in the production study
first completed a background questionnaire (adapted
from [9]) and then a reading task in a sound booth.
In this task, items were presented in random order on flashcards, which included Chinese characters (simplified or traditional) and romanization
(pinyin and/or Zhuyin/Bopomofo). Talkers were
told to produce the items naturally, and were audiorecorded at 48 kHz and 16 bps, using an AKG headmounted condenser microphone connected either to
a Marantz PMD660 or to a Dell desktop computer
(through an M-AUDIO USB preamp).
The rating task, administered via ExperimentMFC in Praat [3] on a Lenovo ThinkPad X240
laptop using headphones, consisted of two parts,
with five response options for both: T0–T4 for tone
identification, and 1–5 (5 = high) for tonal goodness
rating. Because the stimuli were evaluated syllable
by syllable, they were organized into blocks according to syllable count. On each trial, listeners identified the tone in the current syllable of the given
stimulus (played in its entirety), and then rated the
goodness of that tone. Due to the number of stimuli, they were distributed among four versions of the
task (with listeners completing only one version),
such that each stimulus was evaluated by a panel of
about eight different listeners.
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2.4. Analysis

Figure 1: Average T0 contours, by group.

Recordings underwent acoustic analysis in Praat as
in [5]. First, the recordings were annotated for the
onset and offset of the voiced interval over which an
f0 contour would be extracted; this was done via auditory inspection and joint visual inspection of the
waveform and a wide-band spectrogram (on the basis of criteria such as changes in periodicity, amplitude, and formant structure), according to the segments in the item. Measurements of voiced interval
durations and of f0 at 10 evenly spaced time points
(ranging from the 5% to the 95% point) were then
extracted via cross-correlation (default settings used
except that the voicing threshold was set to 0.25 and
the pitch floor was adjusted by talker to provide the
best f0 tracking possible).1 All f0 measurements
were then log-transformed and converted to the T
scale [21, 29] ranging from 0 to 5 (cf. the five-point
representation system of [7]).2
The statistical analysis of both acoustic and perceptual data was done with mixed-effects modeling in R [20], using lme4 [2]. All models had the
same basic structure, including random effects for
Talker and Item and fixed effects for Group (L1er,
HLer-HE, HLer-LE, L2er; baseline = L2er), Context (obligatory, non-obligatory; baseline = obligatory), and their interaction. In this study, the critical
effect in each model is the Group × Context interaction, since our primary concern is whether the various groups differ in T0 production across contexts.

Figure 2: T0 duration, by context and group.

significant difference between L1ers and L2ers, both
HLer groups produced significantly longer durations
than L2ers (βHE:nonobl = 0.222, t = 3.388, 95% CI =
{0.094, 0.350}; βLE:nonobl = 0.559, t = 7.872, 95%
CI = {0.420, 0.699}). Thus, L2ers, but not HLers,
resembled L1ers in terms of producing relatively
short T0 durations in the non-obligatory context.

3. RESULTS
3.1. Acoustic data: f0 contour and duration

Figure 1 plots the average f0 contour of T0 for all
talkers, labeled by group. As shown, there is a high
degree of similarity across groups in terms of the
overall shape of the T0 contour. To be specific, most
talkers produced a falling contour, which tended to
be relatively shallow (compared to the steep fall
characteristic of other tones such as T4) although
some L2ers and HLers showed a steeper fall.
As expected, the duration of T0 (i.e., of the voiced
interval in target syllables with T0), averaging 133
ms across groups, was considerably shorter than that
found for T1–T4 (cf. mean durations of 191–295 ms
in multisyllabic items in [5]). Nevertheless, T0 duration varied across groups and contexts, as shown in
Figure 2.3 Raw T0 durations were log-transformed
and then analyzed in a linear mixed model. This
model showed no significant between-group differences in the obligatory context (|t| < 2). However,
in the non-obligatory context, whereas there was no

3.2. Perceptual data: intelligibility and goodness

While the global intelligibility of T0 (i.e., likelihood
of accurate identification by L1 listeners) averaged
over all talkers was about 60%, and thus lower than
that reported for T1–T4 (cf. 78–92% in [5]), T0
intelligibility showed variation across contexts and
groups (Figure 3). A logistic mixed model showed
that in the obligatory context both the L1er group
(β = 0.802, Z = 2.246, P = .025) and the LE (HLer)
group (β = 0.829, Z = 2.322, P = .020) produced T0
more intelligibly than L2ers, while the difference between the HE (HLer) and L2 groups did not reach
significance (β = 0.421, Z = 1.286, P = .199). However, in the non-obligatory context, the pattern was
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4. GENERAL DISCUSSION

Figure 3: T0 intelligibility, by context and group.

Taken together, these results paint a picture in which
Mandarin HLers do not consistently have the “upper
hand” over L2ers in terms of patterning like L1ers;
rather, the manner in which HLers and L2ers differ depends on an interaction between the aspect of
the language at issue (e.g., non-obligatory T0 contexts) and convergence in relevant experience and/or
knowledge with L1ers (e.g., exposure to and familiarity with standard norms). Thus, whereas few systematic differences were observed among groups in
obligatory T0 contexts, there were several differences observed in non-obligatory contexts, because
it is in these contexts where there are relevant experiential disparities among the groups. Here, L2ers
(presumably due to greater exposure to a variety in
which T0 is produced at high rates even in nonobligatory contexts) showed evidence of more consistent T0 production than HLers, which therefore
led to an advantage over HLers in T0 intelligibility. Interestingly, however, HLers still maintained
an advantage in T0 goodness; that is, when they did
manage to produce T0 intelligibly, HLers’ production was perceived as higher-quality than L2ers’.
As the product primarily of differences in dialectal experience, the current results raise a number of
questions for further research related to language
variation and change in HLs. For one, although
our interpretation of the observed HLer-L2er disparities is consistent with the fact that (according
to background questionnaires) more than half of the
HLers did indeed have substantial exposure to southern varieties of Mandarin, it remains unclear what
role variation in dialectal experience (in particular,
northern vs. southern in this case) might play in accounting for other group disparities (e.g., the L1er
advantage in perceived goodness). In addition, the
composition of our listener pool, which consisted
exclusively of L1ers, naturally invites the question
of what perceptual judgments from another group,
such as HLers, would look like in comparison (e.g.,
how is northern/southern dialectal variation in Mandarin perceived by HLers in comparison to how such
variation is perceived by homeland L1ers?).
In conclusion, our findings highlight the importance of two variables in the study of HL phonetics:
CONTEXT and EXPERIENCE . This is not the first,
and is unlikely to be the last, study of HLers to show
a context effect, as well as a dialect/education effect, on the patterning of between-group differences.
The challenge for future research will be to carefully
tease these effects apart in order to catch a glimpse
of HL behavior that truly reflects HL knowledge.

Figure 4: T0 goodness, by context and group.

reversed (βL1er:nonobl = −1.471, Z = −6.236, P <
.001; βHE:nonobl = −1.386, Z = −6.397, P < .001;
βLE:nonobl = −1.977, Z = −8.373, P < .001), with
L1ers and HLers both showing lower T0 intelligibility than L2ers.
As for the perceived goodness of T0 (i.e., the
quality ratings listeners gave to T0 productions that
they identified correctly as T0), this measure also
showed variation across groups, within the same
range of scores given to T1–T4 productions in [5].
As depicted in Figure 4, group variation showed a
similar pattern across the two contexts. Results of
a linear mixed model showed that, in the obligatory
context, L1ers and HLers both received higher goodness ratings than L2ers (βL1er = 1.493,t = 5.875;
βHE = 0.992,t = 4.230; βLE = 0.842,t = 3.315). In
the non-obligatory context, the between-group differences vis-a-vis L2ers were reduced (βL1er:nonobl =
−0.606,t = −5.172; βHE:nonobl = −0.444,t =
−4.039; βLE:nonobl = −0.246,t = −2.038), but not
enough to change the directionality of any difference; thus, here, too, it was the case that L1ers and
HLers received higher ratings than L2ers.
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1

All f0 measurements were further inspected for tracking
errors, and obvious errors (which occurred in 23% of tokens) were hand-corrected. To correct contours containing large pitch jumps and/or gaps, the cross-correlation
settings were adjusted; however, when a contour resisted
correction via adjustment of analysis settings, an f0 measurement was calculated manually by taking the duration
over a 2–3 period interval around the relevant time point
and converting to an f0 value.
2 All data and materials associated with this study are
publicly accessible via the Open Science Framework at
https://osf.io/u4w2g/.
3 Here and elsewhere, error bars represent ±1 SE of the
mean over participants. Furthermore, because the two
morphemes representing the obligatory context always
showed the same pattern, they have been plotted together.
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ABSTRACT
While most scholars agree that prosodic errors can
significantly affect the intelligibility of non-native
speech (L2), it remains unclear to what extent this
applies for speech rhythm. To find out which rhythm
features correlate with intelligibility, the present
study compares L2 speech of German learners with
L1 Spanish and European Portuguese (EP), two
languages with different rhythm shapes. Thus,
rhythmic differences are expected for L2 speech as
well. A first pilot study was carried out, recording L1
Spanish and EP speakers reading 12 true/false
statements. Recordings were annotated for rhythmrelated errors. Intelligibility indices (reaction time,
dictation, scalar ratings) of the recordings were
identified through an intelligibility experiment with
12 native German listeners. First results show that
strongest correlations can be found between rating
scores and syllable-based processes (vowel
epenthesis/elisions, ΔC), which are also likely to lead
to misunderstood items.
Keywords: Speech rhythm, intelligibility, SLA,
Spanish, European Portuguese
1. INTRODUCTION
Prosodic features like rhythm and intonation are
likely to be transferred from a source language (L1)
into a target language (L2) [23]. Despite the important
role of these features for comprehensible speech [2,
16, 17, 27, 34], few studies have systematically
examined how rhythm is realized by L2 learners from
controlled L1 backgrounds [11]. Even fewer studies
to date have focused on German as target language.
Assuming that prosodic errors are caused by
language transfer from an L1, and that they reflect
properties of the L1 [22, 35], the present research
aims to answer the following questions:
1. Which rhythmic properties of the L1 appear
in L2 speech and lead to non-targetlike
rhythmic realizations?
2. Which of these properties display the most
significant influence on intelligibility?
The underlying concept of intelligibility in the
present study is that of actual understanding of L2
speech on an acoustic-phonetic level [e.g. 8, 24, 26]
and it is measured through a combination of different
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perception tasks: a true-false decision task (reaction
time, accuracy [25]), transcription, and scalar ratings.
To answer the research questions, a small-scale
quantitative pilot study on L2 speech of German
learners with L1 Spanish and EP was designed.
Despite wide structural similarities, these Romance
languages differ in several rhythm-related features,
and they also both differ from German (see 2.1.).
In order to measure rhythm properties objectively
rather than on an impressionistic overall level, the
investigation focuses on micro-level metrical,
durational and phonological rhythm-related features
(2.1.), including several rhythm metrics (2.2.).
2. THE NOTION OF RHYTHM
2.1. Rhythm-related features

While the well-known dichotomy of stress- vs.
syllable-timed rhythm [1, 28] only takes into account
the temporal organization of speech, Metrical
Phonology [14, 19] deals solely with the organization
of prominence through metrical algorithms,
neglecting the dimension of time. Dufter [6] suggests
that both time and prominence are crucial for the
rhythm contour of a language, depending on
functions of (post-)lexical phonology: If time is
semantically distinctive (Japanese), spaces between
prominences cannot be modified. On the contrary, if
prominence is semantically distinctive (English,
German), the dimension of time is phonologically
less significant. Prominences can be isochronized
(often interpreted as stress-timing). If neither time nor
prominence are semantically distinctive, an
alternating rhythm can be observed (Spanish, Italian).
As rhythm is the result of a performative speech
act [31], rhythm shapes also depend on the context of
performance. To a certain extent, performance can
become a part of the language norm as is the case with
Spanish and EP: While the lexical and morphological
functions of time and prominence are almost the same
in Spanish and EP, both languages differ strikingly
when it comes to rhythm [7]. These differences are
due to the selection of different metrical grids for the
performance of full sonority (syllable, foot, phrase),
which leads to different phonological processes [31].
Fig. 1 gives an example of these processes
depending on the selection of the metrical grid. While
in EP the selection of the second and third (but not the

first) level of metrical strength leads to elision or
reduction of vowels of low metrical strength and
therefore to complex syllable structures, in Spanish
all vowels are performed with full sonority. Contrary
to EP, phonological processes in Spanish refer to the
domain of the syllable level.
Figure 1: Realization of percebeste (you perceived)
in EP (a) and percibiste in Spanish (b) [31:415]
(a)
(b)

Considering metrical algorithms, temporal
organizations, and phonological processes as linked
to rhythmic realization, the following rhythm-related
features can be deduced: placement of word accent
(WA), phonological and durational marking of WA
(linked to syllable complexity and vowel restrictions),
vowel reduction in unstressed positions, and
syllabication processes. Regarding these features,
German, Spanish, and EP show clear differences:
Table 1: Rhythm features of German, Spanish, EP
Feature

German

Spanish

EP

WA placement

free,
complex
rules

free within
3-syllablewindow

free within
3-syllablewindow

Complex syllables
Vowel reduction

+
+

-

(+)
+

In German, a prominence-based language [6],
several features underline the auditory salience of
prominences (marking both prominence and nonprominence). Spanish lacks vowel reduction and
shows primary and secondary word accent [15], while
in EP, vowel reduction and elision processes
strengthen the salience of primary accents at the cost
of secondary prominence and lead to a higher syllable
complexity in spoken language [10]. Based on these
differences and following [22], the L1 EP learners of
German (EPGER) are expected to show more targetlike
realizations of reduction syllables and complex
consonant clusters than L1 Spanish learners (SPGER).
It is assumed that both learner groups will have
similar difficulties with accent placement (rightward
shift).
2.2. Rhythm metrics

The attempt to quantify rhythm in speech has resulted
in numerous rhythm metrics (RMs) during the past
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twenty years (see [36]). Based on the claim that
rhythm is a surface phonetic property only [30] and is
therefore reflected in the durations of vocalic and
consonantal intervals, several algorithms have been
suggested as measures of rhythmic shaping. For
reasons of comparability, this study only includes the
most common ones: proportion of vocalic material in
speech (%V, [30], lower for languages with vowel
reduction), consonantal/vocalic standard deviation
(ΔC, ΔV, [30], higher for languages with vowel
reduction), variability in vocalic/consonantal
duration (Varco-V, Varco-C, [5]) and the normalized
Pairwise Variability Index (nPVI, [12, 20]). Although
several studies questioned the validity of these
measures (cf. [3, 13]), numerous works on rhythm
consider them as valid (cf. [9, 18, 36]). The present
study suggests that they can serve as a supplement to
the phonological and durational features mentioned in
2.1. Based on the comparison in Tab. 1, the RMs for
EPGER utterances are expected to be closer to L1
German (GERGER) utterances than SPGER.
3. METHODS
3.1. Speech samples

To test the adequacy of the stimuli and the perception
task, a small-scale pilot study with speech samples of
4 German learners (2 SPGER, 2 EPGER, level B1, age
23–33) and a control set of 2 native German speakers
(age 26–30) was performed. A set of 12 read-aloud
true/false statements per speaker was recorded (e.g.
(1), (2), total n=72). Each statement has a similar
information structure and contains 10 syllables, ≥1
reduction syllable, ≥1 consonant cluster. The small
number of speakers is due to the pilot character of the
study and will be increased in future research.
Nevertheless, results are expected to provide
meaningful insights into rhythmic transfer in the Igrammars of the analyzed speakers.
(1) Benzin ist ein exzellentes Getränk.
Gasoline is an excellent drink.
(2) Schnellstraßen verursachen großen Lärm.
Highways cause a lot of noise.
All 72 samples were analyzed in Praat [4] for
rhythm-related features and non-linguistic factors
like speech rate and pauses, which affect rhythm [29]
and are linked to intelligibility and fluency [33]. Each
item was annotated on 5 different tiers: syllables and
pauses, consonantal/vocalic intervals, syllabication
and segmental processes, accentuation pattern (WA,
reduction syllables), and transcription (cf. Fig. 2).
Speech rate and syllable durations were extracted in
Praat, and RMs were calculated with Correlatore [21].

Table 2: Rhythm-related features used in this study
Feature

Description

Speech rate
Pauses
Accent.
patterns
Syll. struct.
%V
ΔV, ΔC
Varco-V,
Varco-C
nPVI-V,
nPVI-C

Syllables/second
1
Pauses/item (n°, durations)
1
Reduction syllables, word/phrase accent
3,4
placement and shifts
Vowel/consonant elision/epenthesis
3
Proportion of vocalic intervals
2
Standard deviation of voc./cons. intervals
2
Variability in vocalic/consonantal interval
2
duration
Normalized durational differences between 2
adjacent vocalic/consonantal intervals

Tier

Figure 2: Segmental and prosodic annotation in
Praat (extract, EPGER speaker)

3.2. Perception task and data analysis

A multimodal perception task with 12 listeners (L1
German) was carried out. For each listener, a
randomized set of 12 items (6 true/6 false statements)
was created. Each set contained 4 items per L1
background and 2 items per speaker. Correlations
were calculated on the basis of 216 observations. Data
was gathered via a ShinyApp tool scripted in RStudio
[32]. This tool allows collecting multiple perception
data and can be customized to specific experimental
designs. Participants listened to each statement and
decided as fast as possible whether it was true or false.
Response accuracy and reaction time (RT) between
end of audio file and clicking ‘right/wrong’ were
measured. Subsequently, listeners rated the
intelligibility of each item on a 7-point Likert scale
(1=not intelligible, 7=perfectly intelligible). Finally,
listeners transcribed the items as understood.
For all rhythm-related features and intelligibility
indices, univariate correlations were analyzed in R,
using scatterplots in combination with Pearson’s
coefficient. Furthermore, linear regression models
were fitted to the data in order to analyze the
coefficients’ significance according to the
corresponding p-values. Listeners’ transcriptions
were used for a qualitative error analysis.
3.3. Rhythmic properties of stimuli for perception task

Clearest differences between native and non-native
speech showed up for speech rate (highest for
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GERGER speakers) and pauses (overall pauses for
GERGER=0). In terms of accentuation, EPGER speakers
displayed the same number of rightward WA shifts
(n=5), that mostly could be traced back to transfer of
L1 accentuation as in [*ʃɪmpənˈze]. Vowel elisions
appeared three times more frequently in GERGER
speech (n=18) than in utterances of both learner
groups (n=6), with SPGER speakers displaying vowel
elisions only in reduction syllables and EPGER eliding
vowels in reduction and neutral (unstressed, not
reduced) syllables (e.g. /Monate/ > *[mɔntə] instead
of [mo:natə]). Vowel epenthesis did not occur in
GERGER speech, but it did for SPGER (n=3) and EPGER
(n=2). Consonant elisions were found much more
frequently in SPGER (n=13) than in EPGER (n=3), but
GERGER speakers also showed several instances of
consonant elisions (n=8), always in word-final
positions of unstressed function words.
RMs, however, did not reflect rhythmic
differences as predicted: Contrary to expectations,
GERGER utterances showed a higher %V and a lower
ΔC than those of SPGER and EPGER (Tab. 3). ΔV was
found to be slightly higher in utterances of EPGER and
almost nativelike for SPGER. A further surprising
observation was that SPGER showed highest nPVI-C
values (and lowest for GERGER), while the opposite
was expected. Neither for Varco-C nor Varco-V
significant differences between speaker groups were
observed.
Table 3: Rhythm metrics of speaker groups (mean)
Rhythm metric

GERGER

SPGER

EPGER

%V
ΔC
ΔV
nPVI-C

41.67%
78.98
57.25
61.94

38.98%
97.90
57.92
69.23

38.73%
103.84
61.91
67.64

4. RESULTS
4.1. Influence on reaction time and response accuracy

Standard RT was slightly shorter for utterances of
GERGER, and almost the same for SPGER and EPGER.
While neither %V nor ΔV correlated significantly
with RT, non-linguistic features like speech rate and
pauses showed the strongest correlations (see Tab. 4).
Furthermore, a lower ΔC correlated significantly with
a faster standard RT. The same occurs for consonant
elisions: The fewer the consonant elisions, the faster
the RT. None of the other features (vowel elision/
epenthesis, WA shift) showed a significant
correlation with RT. Response accuracy, however,
did not correlate with any of the investigated features,
which may also be due to the small sample size of
listeners.

Table 4: Significant correlations between rhythmrelated features and standard RT
Feature

Pearson’s

p-value

Speech rate
Pauses
C-elision/ epenthesis
ΔC

-0.35
0.19
0.17
0.25

0.00
0.03
0.04
0.00

4.2. Influence on rating scores

While speech rate and pauses seem to have the
strongest effects on rating scores (RSs), vowel
processes also correlate with listeners’ ratings: more
elisions are correlated with higher RSs, whereas
vowel epenthesis leads to lower RSs (see Tab. 5).
This indicates that RT and perceived intelligibility are
influenced differently by syllable-structure-based
processes. Surprisingly, a lower ΔC correlated
significantly with high RSs, which may be due to the
low ΔC values found in GERGER utterances.
Table 5: Significant correlations between rhythmrelated features and RSs
Feature

Pearson’s

p-value

Speech rate
Pauses
V-elision/epenthesis
ΔC

0.65
-0.43
-0.26
-0.33

0.00
0.00
0.01
0.00

compound noun. Both inappropriate vowel
realizations and wrong WA placement can be traced
back to properties of the respective L1: In EP, the last
syllable of Portuguese excelentes is represented on
the first level of metrical strength and therefore
syllabified as coda of the preceding syllable:
[ʃsəlɛntʃ]. This syllabication process seems to be
transferred to the L2. In Spanish, the onset cluster [ʃtʀ]
is phonotactically not allowed and normally dissolved
by vowel epenthesis (cf. Spanish estructura
‘structure’), which in (4) is transferred to the L2. In
(5) we observe the effect of WA placement transfer
on intelligibility: While in German Schimpanse is
pronounced [ʃɪmˈpanzə], the EPGER speaker realizes it
with L1 accentuation patterns [*ʃɪmpənˈze]. The WA
shift causes further vowel processes (reduction of
stressed syllable /pan/, full sonority of reduction
syllable /se/) which lead to misperception
(*Schintersee). Contrary to (3) and (4), the processes
in (5) cannot be shown by rhythm metrics, as vocalic
intervals stay the same but are placed differently.
5. DISCUSSION

The different intelligibility indices also intercorrelated significantly (p<0.001), with the Pearson’s
for RSs and response accuracy being the highest
(0.57), followed by RSs and RT (-0.41), and response
accuracy and RT (-0.32).
4.3. Qualitative transcription error analysis

A qualitative analysis of transcription errors (ex. 3–5)
confirms the findings of 4.2 that inappropriate vowel
elision (3) or epenthesis (4), as well as wrong WA
placement (5) can lead to misunderstandings:
(3) Benzin ist ein *Exzellenz Getränk
Gasoline is a drink of excellence.
(4) *Schnelle Straßen verursachen großen Lärm.
Fast streets cause a lot of noise.
(5) Ein *Schintersee ist eine Vogelart.
A shinter sea [nonexistent] is a type of bird.
In (3), an inappropriate vowel elision in the
reduction syllable [təs] > [ts] in exzellentes (EPGER)
leads to the perception of a compound noun
(Exzellenzgetränk) instead of ‘adjective + noun’. In
(4), a vowel epenthesis in the onset cluster [ʃtʀ] in
Straßen (realized by a SPGER speaker) leads to the
perception of ‘adjective + noun’ instead of a
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These results show that there are different rhythmic
properties of the L1 that lead to non-targetlike
rhythmic realization of the L2. However, rhythm
metrics only give a blurry idea about how L1
properties influence the rhythmic shape of L2. When
it comes to the influence of rhythmic features on
intelligibility, they provide even fewer insights. A
qualitative analysis of misunderstood items (4.3.)
gives first hints on why this may be the case:
Syllabication processes and accent placement play a
crucial role for word (and word boundary)
identification, but they occur ‘underneath’ the
phonetic surface. Therefore, they do not always
manifest in rhythm metrics. At the same time, accent
placement should be considered on a qualitative level
rather than on a purely quantitative one, as
consequences of wrong accent placement are not
always the same (cf. Schokolade ‘chocolate’ >
[ʃokoˈla:də] vs. *[ˈʃokoladə] which does not lead to
major changes in syllable structure and/or vowel
quality). However, the significant correlation
between syllable-structure-based processes and both
reaction time and rating scores suggest that future
research should put a special focus on these
phonological processes.
Concerning the pilot study’s research design,
several major adjustments are suggested for a largescale study that is currently being carried out:
According to some listeners’ comments, several
misunderstood items were repaired through semantic
frames. Therefore, true/false statements will be
replaced by semantically nonsensical sentences.
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ABSTRACT
Perceptual judgment of politeness in speech is
highly correlated with prosodic characteristics, and
may also be language-dependent. We conducted a
crosslinguistic perceptual experiment, in which 42
subjects (14 native Mandarin speakers, 14 naïve
Spanish speakers, and 14 Spanish learners of
Mandarin) rated the degree of politeness for 38 sets
of Mandarin utterances produced by 4 native
speakers – each set of 4 utterances was a
combination of two speech acts (request vs.
command) and two sentence modes (interrogative vs.
imperative). Results showed that a number of factors,
including language background, speech act, and
sentence mode, had significant effects on the
perceptual results. Although interrogatives generally
gave higher politeness score than imperatives, the
effect was more conspicuous in Spanish learners of
Mandarin than in the other two groups, suggesting
that L2 learners’ judgement of politeness might be
interfered by their poor integration of acousticphonetic information and linguistic information.
Keywords: politeness, speech act, sentence mode,
speech perception, Mandarin, Spanish, L2 learner.
1.

INTRODUCTION

It is well known that speech prosody plays crucial
roles in expressing politeness [3], and many recent
studies have focused on examining the prosodic cues
for politeness, including duration, pitch, and voice
quality. While some researchers consider prosodic
characteristics in polite speech to be universal [11,
9], many recent studies have shown that prosodic
cues are language-specific [12, 14, 2, 10].
Spanish and Mandarin, which are typologically
far from each other, seem to differ in the prosodic
mechanism of expressing politeness. For example,
Devís [4] suggested that intonation was very
important for perceiving politeness in Spanish, while
Fan and Gu [7], after conducting a perceptual
experiment on a set of synthetic speech stimuli
reported that duration was a more important cue for
politeness than F0 in Mandarin.
The effects of L1 prosodic transfer on L2
pragmatic competence have recently attracted
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interests among phoneticians and language teachers
[5, 6]. Some researchers have even started studying
the process of L2 phono-pragmatic acquisition [1].
Given the fact that there is a lack of literature on
the production-perception relationship in L2 phonopragmatic acquisition and that nowadays most
studies on L2 pragmatic development have focused
on lexico-grammatical strategies and oversee the
importance of prosodic strategies for expressing
politeness, a cross-linguistic study on prosodic cues
of politeness may shed some light on this issue. Gu
et al. [8] investigated crosslinguistic perception of
Mandarin utterances conveying, among others,
polite and rude attitudes by comparing politeness
ratings from native Mandarin speakers, Japanese and
French L2 learners of Mandarin, and naïve Japanese
and French speakers without Mandarin ability. The
results showed that L2 learners judged better than
naïve foreigners in all cases. Also, the studies of
requests and commands in L2 learning of Chinese
have generally focused on the acquisition of lexicogrammatical strategies for mitigating directive acts
[13]. These might lead foreign language teachers to
teach lexico-grammatical strategies for politeness
without taking prosody into account. For example,
Wen [13] showed that in Chinese, imperatives with a
polite word 请(please) and interrogatives can convey
politeness. However, the sentences with the same
lexicogrammatical information can be produced as
polite or impolite by using different prosodic
strategies.
Therefore, this study aims to examine how
command and request speech in Mandarin with the
same lexico-grammatical information, varying also
in interrogative and imperative modes, are perceived
by the listeners with different language backgrounds.
2. SPEECH DATA
2.1. Text materials

To elicit the utterances of two speech acts
(command vs. request) and two sentence modes
(imperative vs. interrogative), we designed 16
monologues, in each of which 3 target sentences
were embedded. For prompts, we also designed 8
contextual situations, 4 of which were used to elicit

commands and the other 4 to elicit requests. The
contextual situation to elicit commands included:
(1a) An angry husband/wife asks his/her partner to
help at home and spend more time with him/her.
(2a) An angry father asks his son to stop playing
with the phone and go to the market to buy
some things.
(3a) A worried person asks his careless roommate to
switch off the lights so that they can afford
electricity bills.
(4a) An angry teacher asks his noisy students to
close the door and the windows so as to start
the class.
Correspondingly, the contextual situations to elicit
commands included:
(1b) A sick husband/wife requests his/her partner to
do the household chores and stay with him/her
at home.
(2b) A boy/girl requests his/her girl/boyfriend to go
to the market to buy some things for him/her
because it is freezing outside.
(3b) An office worker leaving the office asks his/her
colleague to switch off the lights before leaving
the office.
(4b) A student requests his/her classmate to close the
door and windows because he cannot hear the
teacher.
Each contextual situation was used for two
monologues which differed only in the sentence
mode of the target sentences. Also, each pair of
contextual situations elicited the same set of target
sentences. For example, corresponding to (1a) and
(1b), two monologues shared the following
imperative target sentences:
- 帮我打扫一下屋子吧. [Help me clean the house.]
- 请洗下衣服. [Please clean the clothes.]
- 晚上早点回来吧. [Please come back early tonight.]
while two other monologues shared the following
interrogative target sentences:
- 可以帮我打扫一下屋子吗?
[Could you help me clean the house?]
- 你能洗下衣服吗?
[Could you please clean the clothes?]
- 晚上能早点回来吗?
[Could you please come back early tonight?]
Thus, there were 48 target sentences, including
12 pairs of imperatives and 12 pairs of interrogatives.
Each pair of sentences sharing the same text were to
be produced as a command and a request.
2.2. Informants

Four native speakers of Mandarin (2M, 2F) were
recruited as informants, who were undergraduate or
graduate students at the Nanjing Normal University,
aged between 23 and 29 years. All of them had a
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proficiency of Mandarin at Grade 2, Level I. They
were reasonably paid for their speech recording.
2.3. Speech recording

Before recording, the informants were given 10
minutes to read all contextual situations and
monologues, so as to get familiar with the materials.
To guarantee the naturalness and interactiveness of
speech communication, one of the authors explained
all contextual situations to the informants before the
recording of each monologue. The recording took
place in a sound-proof booth after the informants
had got sufficiently familiar with the materials. A
cardioid microphone (Neumann U87Ai) was placed
20 cm in front of their mouths. The microphone was
connected to an audio interface RME Fireface 800
which was connected to a desktop computer outside
the soundproof booth.
3. PERCEPTUAL EXPERIMENT
3.1. Stimuli

After a perception validation test conducted by four
native Mandarin judges, the target utterances that
could not be identified as clearly polite or impolite
were excluded from the data. Thus, altogether 152
target utterances (i.e., 4 utterances per set * 38 sets)
were used as stimuli in the perceptual experiment
through the online platform SurveyGizmo, in which
audio files could be embedded.
3.2. Participants

There are three sets of participants in the perceptual
experiment, including 14 Spanish naïve speakers
(7M, 7F) who had never learned Chinese and never
been living in a Mandarin-speaking environment, 14
Spanish learners of Mandarin at the beginner level
(7M, 7F), and 14 native speakers of Mandarin (7M,
7F). All participants had at least bachelor degrees
and were aged between 25 and 45 years. None of
them had a reported history of auditory or cognitive
disorder.
The stimuli were presented to the participants in
a random order. Participants could listen to each
stimulus as many times as they wanted but were
advised to listen only once. The participants were
asked to score the politeness of the stimuli on a 5point semantic differential Likert scale, with -2
indicating the least polite, and 2 indicating the
politest. The test was presented in Mandarin to the
Mandarin native speakers, and in Spanish to the
naïve Spanish speakers and the Spanish learners of
Mandarin. They were advised to have a break when

feeling tired. All participants
experiment in about 30 minutes.

completed

the

4. RESULTS
A linear mixed model analysis was conducted on the
results of the perceptual experiment, with politeness
rating as the dependent variable, Listener’s language
background, Speech act, Sentence mode, and their
interactions as fixed effects, and Subject, Item and
Speaker as random effects. Statistical analysis was
conducted using the Jamovi project, version 0.9.
Following other researchers [14], we will only
report p-values for the interaction effects since
significance of main effects is not meaningful
without taking significant interaction effects into
account. Significant interaction effects were found
between Listener’s language background and
sentence mode (p < .001), and between Listener’s
language background and speech act (p < .001), but
not between sentence mode and speech act.
Bonferroni post-hoc tests showed that there was a
significant difference (p = .010) in the ratings
between native Mandarin speakers and Spanish
learners of Mandarin, whereas there was no
significant difference between native Mandarin
speakers and Spanish naïve speakers. While all three
groups perceived the difference between commands
and requests, the perceived degree of politeness in
commands was significantly different between
native Mandarin speakers and Spanish learners of
Mandarin (p < .001).
Simple effect analysis showed that, while there
was no significant difference in perceiving requests,
Spanish learners of Mandarin gave significantly
higher ratings to commands than Mandarin native
speakers (p < .001), as indicated in Fig. 1. Adding
sentence mode to the analysis, we can find that
Spanish learners of Mandarin gave lower politeness
scores to imperative requests (Fig. 2) and higher
politeness scores to interrogative commands (Fig. 3).
Spanish naïve listeners also gave higher
politeness scores to interrogative commands and
Figure 1: Politeness rating
background and speech act.

by

requests than native Mandarin speakers, but the
difference in scores was more significant between
Spanish learners of Mandarin and native Mandarin
speakers, as shown in Table 1.
Figure 2: Politeness rating of imperative
utterances by language background and speech act.

Figure 3: Politeness rating of interrogative
utterances by language background and speech act.

Table 1: Simple effects of language background.

language
Figure 4: Politeness ratings of speakers by gender
groups.
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Thus, the significant interaction between the
Listener’s language background and speech act is
due to the fact that Spanish learners of Mandarin
gave higher politeness scores to interrogative
utterances than the other two groups.
Although gender effect was not within our
research goals because we only had two speakers per
gender group, we did find an interesting pattern from
the current data. As shown in Fig. 4, while native
Mandarin speakers felt male and female speech
equally polite, Spanish naïve listeners and native
Spanish learners of Mandarin felt female speech
more polite than male speech. Whether this reflects
any gender effect needs to be tested on a larger
corpus in the future study.
5. DISCUSSION AND CONCLUSIONS
The main goal of this study was to compare three
groups of subjects with different language
backgrounds in their subjective perception of
politeness in Mandarin request and command
utterances, and to examine whether sentence mode
had an effect on politeness ratings.
We conducted a perceptual experiment, in which
42 subjects (14 native Mandarin speakers, 14 naïve
Spanish speakers, and 14 Spanish learners of
Mandarin) rated the degree of politeness for 38 sets
of Mandarin utterances – each set of 4 utterances
was a combination of two speech acts (request vs.
command) and two sentence modes (interrogative vs.
imperative). Results of the perceptual experiment
showed that there was no significant difference in
the perceived degree of politeness between Spanish
naïve participants and native Mandarin speakers, but
Spanish learners of Mandarin felt interrogative
utterances politer than imperative utterances. This
suggests that in rating politeness, naïve listeners can
rely only on acoustic-phonetic (including prosodic)
features which may result in a good judgement,
while L2 learners attend more to linguistic
information and may make mistakes if they lack the
ability to integrate linguistic and acoustic-phonetic
information appropriately. Results also suggest that
Spanish learners of Chinese tend to make a wrong
association between interrogative sentence mode and
polite speech act, which is not the case for native
speakers of Mandarin. We conjecture that Spanish
learners of Chinese associated the high-pitched
sentence-final ‘ma’ particle in interrogatives with a
polite expression. Finally, results show that L1
transfer is not the only reason for L2 errors, either in
production or perception. Many other factors may
affect the L2 learning process.
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ABSTRACT
In language contact contexts, monolinguals may have
knowledge of another language due to exposure. We
tested the phonetic and phonological knowledge of 20
English monolinguals from Southern California (an
English-Spanish contact community) on a bilingual
task. We analysed their productions of /l/ and /p t k/,
phonetically different phonemes that vary by context
in English but not Spanish. Specifically, English /l/
varies in “darkness” due to an allophonic velarization
rule, while /p t k/ vary in voice onset time due to an
allophonic aspiration rule. Results suggest that socalled monolinguals in contact contexts may have
phonetic but not phonological knowledge of the
“unknown” contact language. Participants showed a
qualitative difference between their productions of
the same phonemes shared by the two languages, but
transferred allophonic patterns of English to their
Spanish productions. We consider these findings in
light of future research that compares monolingual
and bilingual speech production.
Keywords: monolingual, language contact, transfer,
allophony, acoustic
1. INTRODUCTION
Research has shown that bilinguals show subtle
phonetic differences in production of phonemes
shared between their languages. These differences are
also impacted by phonological context, particularly in
instances of allophonic variation [1, 2]. As well, such
differences are distinct from productions by
monolinguals in the respective languages, due to
interaction between the two languages [3].
By “shared phonemes”, we refer to those sounds
that have the same articulatory description, and
perhaps the same orthographic representation, even
though the sounds may differ along more subtle
phonetic dimensions and phonological patterning.
Despite such differences, these shared phonemes do
appear to be recognized as such by bilinguals and
second language learners, based on production and
perception evidence [2, 4, 5]. Sensitivity to the shared
properties of sound systems extends beyond influence
of orthography, and is present in production patterns
of preliterate children who do not necessarily have
access to the shared orthography [6-8].
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Studies of accent imitation have shown that
second language learners exhibit tacit awareness of
non-distinctive phonetic differences between the first
and second language [9-11], but the distributional
properties associated with allophones may influence
the extent to which they invoke these changes [12]. In
language contact contexts, even monolinguals may
have some knowledge of another language due to
exposure and may show similar such knowledge of
phonetic differences between shared sounds of the
two languages [13, 14]. Knowledge of this sort has
been referred to by some as “incipient bilingualism”
[15], more typically reflecting initial stages of contact
between languages in a community.
The purpose of this study was to evaluate the
phonetic and phonological knowledge of Spanish by
self-identified English monolinguals residing in an
English-Spanish language context. We conducted a
bilingual task to compare production of phonemes
that are shared between the two languages but differ
along phonetic and phonological dimensions. We
focused on the shared phonemes /l/ and /p t k/, which
have subtle phonetic differences across the two
languages that are detectable by novice second
language learners [9-11], and also vary by
phonological context in English, but not Spanish.
Specifically, English approximant /l/ is
qualitatively “darker” than Spanish /l/, due to lower
second formant (F2) values and a smaller difference
between F2 and the first formant (F1). Further,
English has an allophonic rule of postvocalic /l/
velarization, such that postvocalic /l/ is produced with
an even darker quality than prevocalic /l/ (e.g., “lid”
[lɪd] vs. “dill” [dɪɫ]). In Spanish, /l/ is produced as
“clear” across contexts.
Similarly, foot-initial /p t k/ plosives in English
show longer lags (based on measures of voice onset
time [VOT]), as compared to non-foot-initial
contexts, due to an allophonic aspiration rule (as with
“pie” [phaɪ] vs. “spy” [spaɪ]). In Spanish, all plosives
are produced with short lags, and do not vary by
phonological context.
2. METHODS
2.1. Participants

Participants were 20 college students (16 females),
with an average age of 20.5 years (range: 18 to 27

years). All were English monolinguals per self-report
and responses to a detailed language use
questionnaire that allowed for the opportunity to
indicate any and all experience with another
language, in terms of both input and output (adapted
from [16]).
All participants spent the majority of their
childhoods in Southern California, where both
English and Spanish are prevalent and part of
everyday print, signage, and broadcast media. All
participants spoke a Southern California dialect of
English. In addition, based on self-report, all
participants were determined to have normal or
corrected-to-normal vision, normal hearing, and no
history of developmental delays or disorders,
acquired cognitive disabilities, or any speech or
language difficulties requiring clinical intervention.
2.2. Task

A 59-item word list was created for each language, to
include five mono- or di-syllabic /l/ words in wordinitial (“initial”) and -final (“final”) contexts each, to
total ten /l/ words. Also included were five mono- or
di-syllabic words sampling /p t k/ each in initial
position and following /s/ (“after /s/”), totaling 30 /p t
k/ words. For each phoneme and context, words were
balanced across the five corner vowels /i u e o a/.
Twenty-nine additional foils that varied in syllable
shape were included in the word list to total 59 words.
Each participant read the word lists three times in
different order each time (to yield 177 productions) in
the carrier phrase, “Say __ again” or Di __ ahora
(“Say __ now”). They read the list three times in
English and Spanish each, and the order of language
was counterbalanced across participants. Because the
participants were monolingual English speakers and
did not know Spanish, it was necessary to explain the
task. They were told to read each phrase casually and
that some of the lists would be in English and some
would be in Spanish. They were not given specific
instructions to “sound like a Spanish speaker”; rather,
they were simply told to not be concerned if they
pronounced any words incorrectly. Because Spanish
orthography is fairly transparent, it was not difficult
for participants to decode the pronunciation of each
word. The majority of phonemic “errors” (non-target
forms) were on vowels (e.g., /a/ pronounced as [eɪ]),
the insertion of a liquid (e.g., pata as [plɑtə]), or the
deletion of a liquid (e.g., clase as [kɑsə]). Similar
such errors also occurred for some of the English
words (e.g., “cot” as [koʊt]). All such phonemic
errors were omitted from planned acoustic analyses.
All utterances were digitally recorded directly
onto a Roland Edirol R-09 digital recorder at a
sampling rate of 44.1 kHz, via a Sony ECM-MS907
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omnidirectional electret condenser microphone.
Recording files were transferred to a computer server
and stored in an uncompressed format.
2.3. Analyses

Of interest were the participants’ productions of the
15 initial and 15 final /l/ productions and the 30 initial
and 30 after-/s/ productions of /p t k/, which elicited
600 /l/ productions and 1,800 /p t k/ productions in
each language across the 20 subjects. As stated, any
phonemic errors described above were excluded from
analysis. Additional items were excluded due to
extraneous noise in the signal (e.g., the participant
bumped against the table). In total, 1,186 /l/ forms and
3,498 /p t k/ forms were acoustically analyzed across
the two languages. All acoustic analyses were done
via Praat software [17] by trained undergraduate and
graduate research assistants who followed a strict
protocol for measurement of formant frequencies (for
/l/ darkness) and VOT (for /p t k/ aspiration). These
protocols are described next.
To evaluate relative /l/ darkness by language and
context, we measured F1 and F2 values of each /l/
production following procedures of prior research [2,
6, 18]. We evaluated waveform and spectrogram
displays of each /l/ utterance within Praat and
identified the midpoint of each relevant production
visually from the displays and perceptually via
headphones. Raw F1 and F2 values were extracted
from the midpoint of each /l/ production. From those
values, the raw F2-F1 Difference was also calculated.
F2 values also were determined in the same
manner for the vowels /i/ and /o/ in order to normalize
/l/ F2 values, following the S-procedure of Watt and
Fabricius [19], described by Simonet [18] and Barlow
[2]. This procedure reduces interspeaker variation due
to anatomical and physiological differences across
participants, yet maintains the interspeaker variation
attributable to language and dialect differences [20].
The /i/ and /o/ vowels were selected as front and back
extremes of the vowel space, and served as reference
points for determining the centroid F2 value of each
speaker’s vowel space. Specifically, mean F2 values
were determined for /i/ and /o/ for each speaker
(based on the above-mentioned word list), and then a
grand mean of those two vowels served as the
centroid F2 value for that speaker [2, 18]. (We used
/o/ instead of /u/, because the latter is typically much
“fronter” in the vowel space in the California English
dialect [21-24]. In the Spanish spoken in this region,
/o/ and /u/ have comparable backness [24].) From this
value, the normalized F2 value for each /l/ production
was calculated by dividing the raw F2 value for each
/l/ by the centroid F2 value for each speaker.

To evaluate presence versus absence of aspiration
in the /p t k/ productions in each language, we
measured VOT of each plosive in initial position and
after /s/ in Praat, following procedures described in
prior research [25]. We evaluated the waveform and
spectrogram displays of each /p t k/ within Praat and
identified the closure period visually from displays
and perceptually via headphones. The duration of this
period from burst to onset of periodicity provided the
VOT values for each plosive.
For reliability purposes, 866 /l/ and vowel forms
and 1,136 /p t k/ forms were reanalyzed for raw F1
and F2 values by a second researcher trained in the
above-mentioned protocols. Correlation between the
two judges for F1 was r(854) = .682; for F2, r(854) =
.903; and for VOT, r(1105) = .830 (all p’s < .01).
To test whether or not the participants produced
a difference by language and by context, we used a
mixed model to analyze mean normalized F2, F2-F1
difference, and VOT values by language and context,
with subject as a random factor. For VOT, phoneme
was also included in the model, because /p t k/ are
known to differ with respect to VOT [26].
Interactions between language and context were
included to determine how the variables interacted on
normalized F2 values and F2-F1 differences during
the production of /l/, and on VOT for the plosives.

.69). F2-F1 differences were smaller in English
versus Spanish in both contexts, again consistent with
a darker /l/ in English. As with normalized F2, the F2F1 differences were greater in initial as opposed to
final position in both languages, once again indicating
a darker /l/ in final position.
Table 2: Means (and Standard Deviations) of F2F1 Differences in Hz by Language and Context.

Context
Initial
Final

F2-F1 Difference in Hz
English
Spanish
843.3 (297.5) 1069.4 (348.8)
548.1 (181.4) 760.7 (322.9)

3.2. Voice onset time

Table 3 shows mean VOTs by language and context
for /p t k/. Analyses revealed main effects of phoneme
F(2,3492) = 126.9, language, F(1,3492) = 117.4, and
context, F(1,3492) = 3495.6, as well as a Language x
Context interaction, F(1,3492) = 348.5 (all p’s < .01).
Mean VOTs were overall longer in English versus
Spanish; moreover, VOTs were longer in initial
position versus after /s/ in both languages.
Table 3: Means (and Standard Deviations) of VOT
in seconds by Phoneme, Language, and Context.

3. RESULTS
3.1. /l/ darkness

Tables 1 and 2 display mean normalized F2 and F2F1 differences, respectively, for /l/ by language and
context. For normalized F2, analyses showed main
effects of language, F(1,1182) = 298.8, p < .01, and
context, F(1,1182) = 109.2, p < .01, but no Language
x Context interaction (p = .25). Mean normalized F2
values were lower for English versus Spanish in both
initial and final positions, indicating a darker /l/ for
English in both contexts. In both languages, initial /l/
was produced with a higher mean normalized F2
value as compared to final /l/, indicative of a darker
/l/ in final position in both languages.

Initial
Final

VOT in seconds
English Spanish
.09 (.02) .07 (.03)
.02 (.01) .03 (.03)
.11 (.03) .09 (.04)
.03 (.01) .04 (.02)
.11 (.03) .09 (.04)
.04 (.02) .05 (.03)

Note that the Language x Context interaction
revealed a greater difference by context for English
than for Spanish. Further, following /s/, Spanish
VOTs were slightly longer than English VOTs.
5. DISCUSSION

Table 1: Means (and Standard Deviations) of
Normalized F2 by Language and Context.

Context

Phoneme Context
Initial
/p/
After /s/
Initial
/t/
After /s/
Initial
/k/
After /s/

Normalized F2
English
Spanish
.64 (.16)
.82 (.20)
.55 (.11)
.70 (.19)

For F2-F1 differences, there were main effects of
language, F(1,1182) = 164.81, p < .01, and context,
F(1,1182) = 312.4, p < .01, but no interaction (p =
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Participants exhibited a phonetic difference between
English and Spanish productions in both allophonic
contexts for /l/ and for /p t k/. For /l/, participants
applied the allophonic velarization rule to both
languages similarly, as evidenced by the lack of a
Language x Context interaction. In contrast, for /p t
k/, a Language x Context interaction revealed that the
allophonic aspiration rule of English was present in
the Spanish productions, but the lag differences by
context were smaller, likely due to syllabification

differences between after-/s/ forms in the two
languages. That is, in English, /s/ + plosive sequences
may occur, and were sampled herein, word-initially
(e.g., “ski” [ski]). In Spanish, such clusters only occur
word-internally, which also was the context that was
sampled (e.g., esquí [eski]).
The findings from this study indicate that even
monolinguals in a language contact context have
phonetic knowledge of subtle acoustic differences
between phonemes that are shared between the two
languages of the community. These findings are
consistent with prior research on accent imitation by
experienced and novice language learners alike,
including research that has looked at the very same
phenomena of VOT and /l/ darkness [9-11]. The
monolinguals in the current study are not second
language learners; yet, they may be demonstrating
some level of incipient bilingualism observed in early
language contact situations [15].
The study task may have tapped into participants’
abilities to imitate accents, although they were not
told to do so. Regardless, their differences in
production between English and Spanish reflect some
tacit knowledge of the phonetic differences between
the two languages, likely due to input from the
surrounding community; such information is rarely
explicitly taught to learners, let alone non-learners.
Through exposure to Spanish in a language contact
context, the frequency with which short lag stops and
clear /l/ occur in Spanish may be detectable to
learners and non-learners alike, including the
monolinguals in this study.
Although the participants showed knowledge of
the phonetic differences between the two languages
in their Spanish versus English productions of /p t k/
and /l/, the English phonological rules of aspiration
and velarization were present in their productions in
both languages. Allophonic rules such as these are
known to transfer in second language acquisition and
are difficult to suppress [27, 28]. Suppression of
allophonic rules in second language acquisition is
expected to occur once lexical representations in the
target language input provide evidence of contrast
between those sounds governed by the allophonic rule
of the first language [12, 27, 28]. Yet, in the absence
of any evidence of a phonemic contrast from the
lexicon of the second language, there may not be
sufficient evidence to motivate learners to suppress
the allophonic rule. That is to say, the Spanish
language does not contrast short- and long-lag stops,
nor does it contrast clear and dark laterals. English
learners of Spanish therefore are not exposed to
lexical forms in the input that would disrupt the
aspiration and velarization rules; thus, they would be
expected to continue to apply these rules in their
productions in Spanish. The monolinguals in the
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current study arguably had relatively few lexical
representations and little to no knowledge of
phonological rules in Spanish, despite their tacit
phonetic knowledge of the language. Accordingly,
they had no available evidence to motivate
suppression of aspiration and velarization in their
attempts at the Spanish words. It is interesting to note
that allophonic rule suppression of this type is not
widely studied in second language research and is a
direction for future research.
There were larger standard deviations for Spanish
productions as compared to English in all measures.
This could be attributed to the likelihood that
participants’ articulatory patterns associated with the
Spanish forms are less entrenched and therefore more
variable than those of English [29]. The larger
standard deviations may also be due to individual
differences in the extent to which participants
differentiated the two languages. As noted in 2.1,
participants did not speak any language other than
English; however, we did not document the amount
of participants’ incidental exposure to Spanish
through their everyday activities. It may be that some
participants lived in neighbourhoods or participated
in activities that allowed for greater and/or more
consistent exposure to Spanish. It is also possible that
some participants had greater acoustic/phonetic
awareness and were better able to detect subtle such
acoustic differences in the language community. This
is a direction for future inquiry.
If the findings of the current study are replicated
in other language contact contexts, this would have
important implications for bilingual research.
Specifically, any differences that are observed
between bilinguals and monolinguals in such
communities are all the more robust [3], given that
monolinguals show some knowledge of the second
language. Future research also should compare
productions of monolinguals from monolingual
communities with those from (nearby) bilingual
communities in order to further understand the role of
interference on speech production in language contact
communities [13].
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ABSTRACT
This paper reports the results of a study of rhythm in
four regional varieties of French spoken in New
Brunswick, Canada's only officially bilingual
(English-French) province. The demographic
concentrations of French speakers vary across these
varieties. Reading data from 140 native speakers
were used to examine cross-regional patterns in
speech timing. Rhythm metrics for vocalic,
consonantal and syllabic intervals were applied.
Significant regional differences were found for
VarcoV and %V metrics. The metrics place the
regional varieties along a continuum of more to less
syllable-timed rhythms. The association of these
regional differences in prosodic rhythm with the
demographic concentrations of French speakers is
discussed.
Keywords: Acadian French, rhythm metrics, vowel
deletion, language contact, regional variation
1. INTRODUCTION
This paper investigates prosodic rhythm in four
regional varieties of French spoken in New
Brunswick, Canada, where French is in contact with
English. We apply rhythm metrics to gauge
durational variation across these varieties.
Historically, researchers proposed that languages
could be classified as stress-, syllable- and moratimed, as based on the perception of isochronous
grouping units ([1]). Lack of empirical evidence for
isochrony lead to the development of rhythm metrics
(RMs) in the late 1990s ([21], [24]). These measures
focus on variability in the durations of vocalic,
consonantal and syllabic intervals. Certain metrics
measure the variability of pairs of immediately
adjacent intervals, while others quantify variation in
intervals over entire utterances. These RMs have
been used for comparisons among many languages
and dialects, and have shown that languages can be
placed along a continuum that separates syllabletimed languages, such as French, and stress-timed
languages, such as English.
More recently, some researchers have taken a
multidimensional view of rhythm, arguing that
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languages have co-existing rhythms at different
prosodic levels ([12], [20], [23]). Thus, a language
can simultaneously tend toward syllable timing on
one dimension and toward stress timing on another
dimension. Some of these models have looked
beyond segment-based RMs to include timing at the
syllabic, foot and phrasal levels ([3], [23]). Others
measure acoustic cues such as intensity and f0 ([7],
[8], [11], [15]) that play a role in speech rhythm.
Finally, others propose weighted indices that
combine several RMs ([8], [13]).
It is important to mention that a number of studies
([2] and [25], among others) point to shortcomings of
the rhythm-metric approach. These include issues of
reliability, stability and the dependence of RMs on
sentence composition. Nevertheless, RMs continue
to provide a framework for the study of variation in
rhythm.
Rhythmic properties of contact varieties often
show a transfer of prosodic features. For example,
many studies of rhythm in English, a stress-timing
language, report that contact varieties are less stresstimed – that is, more syllable-timed – than varieties
spoken by monolingual speakers of British or
American English ([12], [14], [26], [27]). Similarly,
studies of rhythm in French, a syllable-timing
language, reveal that speakers of contact varieties
have less syllable-timed speech than Francodominant speakers ([9], [10]). A notable exception is
rhythm in Ontario (Canada) French ([16]): speakers
in regions where there is a higher degree of contact
with English have a more syllable-timed rhythm than
those from regions with a lower degree of contact.
In our study of cross-variety timing variation in
New Brunswick French we expect to find differences
in the degree of syllable-timing. Our hypothesis is
that varieties with greater contact with English will
display some effects of stress-timing and will be less
syllable-timed than those varieties that have less
contact with English. Specifically, the greatercontact (putatively less syllable-timed) varieties will
display greater variability of vocalic interval
durations (higher VarcoV), consonantal interval
durations (higher deltaC) and syllabic durations
(higher VarcoSYLL), and a lower proportion of
vocalic material in the speech signal (%V).

2. FRENCH IN NEW BRUNSWICK
New Brunswick is Canada’s only officially bilingual
(English-French) province. Francophones, who
represent about one-third of the total population of
750,000, live mainly in the northern and eastern parts
of
the
province.
However,
demographic
concentrations of French speakers vary considerably
across these regions ([19]). A recent dialectometric
study ([5]) finds that there are four regional varieties.
The two northern varieties have very high
concentrations of francophones: NorthWest (94%),
NorthEast (84%). The southern varieties have lower
concentrations:
rural-SouthEast
(70%),
and
Moncton-SouthEast (26% to 42%), which includes
the urban area of Moncton and some adjoining rural
areas that have low concentrations of Francophones.
Speakers from the NorthWest region called
themselves Brayons and/or francophones; those from
the other three regions identify as Acadiens.
An earlier phonetic study ([22]) of the MonctonSouthEast variety notes the “uneven” (haché, heurté)
character of the rhythm. Qualitative observations
suggest that this impression is due in part to variable
vowel durations and to a strong articulatory or
gestural effort on consonants that occur in the onsets
of certain stressed syllables.
3. METHODOLOGY

l’année passée, a vendu sa maison à cinq
Français d’Europe.
Sentences were segmented into vowels and
consonants
following
generally
accepted
segmentation criteria. Syllables were identified using
phonological as well as phonetic criteria (needed, for
example, in cases of liaison). The analysis includes
almost 14,000 segmental intervals (6,670 vocalic and
7,100 consonantal) and 6,814 syllables.
Durations for vocalic intervals, consonantal
intervals and syllables (in msec) were extracted using
a Praat script. Four rhythm metrics – VarcoV, %V,
deltaC, VarcoSYLL – were calculated for each
speaker using Mathlab.
3.3. Statistical analysis

One-way ANOVAs with regional variety as the
independent variable were carried out on speakers’
RM scores. The Tukey method (for unequal cell
sizes) was used for post hoc comparisons among the
four regional varieties. Age and gender were not
included as independent variables in the ANOVAs.
A follow-up exploratory study ran factor analyses of
subjects-by-segments matrices (with segmental
durations as entries in the matrices); varimax rotation
was applied.
4. RESULTS

3.1. Speakers and speech materials

Speech materials are from a corpus ([6]) used for
research on the automatic speech recognition of
French spoken in New Brunswick. The corpus
consists of recordings by 140 native speakers of
French from across the francophone regions.
The speakers are stratified by age and gender.
There are two age groups: younger adults (mean:
20.8 years; Std. Dev.: 2.6) and older adults (mean:
48.3 years; Std. Dev.: 6.7). Each age group has an
equal number of males and females. Although the
number of speakers in the four regional varieties is
uneven, each variety has a fairly large representation
in the corpus: NorthWest (26), NorthEast (56),
Moncton-SE (43), rural-SE (15).
3.2. Procedures and measurements

For the present study, we analyzed the two
“calibration” sentences that contain segmental
shibboleths. These two sentences, which were read
by all 140 speakers, contain about 115 segments.
Je viens de lire dans l’Acadie Nouvelle qu’un
pêcheur de Caraquet va monter une petite
agence de voyage. C’est le même gars qui,
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Results are presented in two parts. Section 4.1 reports
the main results: applications of the rhythm metrics,
and the ANOVA and post hoc testing for regional
differences. Section 4.2 briefly presents some
findings of the exploratory factor analyses.
Articulation rates, which exclude pauses and
hesitations, show no differences among the four
varieties (p<0.567).
4.1. Rhythm metrics

The error bar plots in Figures 1 and 2 summarize the
results for the four RMs. The error bars show means
and 95% confidence intervals.
Significant statistical differences among regional
varieties were found for VarcoV: (F(3,136)=3.302,
p<.022) (see Figure 1). Post hoc comparisons
indicate a difference between NorthWest and
Moncton-SE (p<.013); the NorthWest variety has
lower VarcoV scores.
Significant differences among regional varieties
were also found for %V: (F(3,136)=3.232, p<.024)
(see Figure 1). Post hoc comparisons indicate
differences between the NorthWest and rural-SE
varieties (p<.048) and between NorthWest and
Moncton-SE varieties (p<.057). In both comparisons

the NorthWest variety has lower %V scores than the
southern varieties.
Figure 1: Error bar plots showing differences
among four regional varieties on VarcoV and %V.

As determined by ANOVA, there were no significant
statistical differences among varieties for both deltaC
and VarcoSYLL (see Figure 2). The p values failed
to reach a significance level of p<.05: delta C
(F(3,136) = 2.674, p<.050); VarcoSYLL (F(3,136) =
2.220, p<.089).
4.2. Some patterns of segmental durations

A follow-up exploratory study ran factor analyses of
subjects-by-segments matrices, with segmental
durations as entries in the matrices. These analyses
identified several groups of segments that make large
contributions to the variance in durational patterns.
We briefly report results for one of these groups of
segments.
The factor analyses identified two processes of
vowel deletion. One is the deletion of /i, y/ in the
context of the /t, d/ consonants that can assibilate to
[ʦ, ʣ]; for example, Acadie Nouvelle [akadinuvԑl,
akadnuvԑl, akaʣnuvԑl]. There are three cases in the
corpus, and the overall rate of /i, y/ deletion is 16.4%
(total N = 69/420). The other process is schwa
deletion, as in de lire [dəliR, dliR]. This optional rule
is widely found in French. Of the six occurrences of
schwa in the corpus four show variation, and the
overall rate of schwa deletion for these cases is 6.6%
(N = 37/560).
Table 1 summarizes the relative frequencies of the
deletion of these vowels. Deletion rates for both
vowels display the same descending order across
varieties: the NorthWest has the highest rates,
followed by NorthEast and Moncton-SE; the ruralSE has the lowest deletion rates.

Figure 2: Error bar plots showing differences
among four regional varieties on deltaC and
VarcoSYLL.

Table 1: Relative frequencies of vowel deletions
for four regional varieties.

NorthWest
NorthEast
Moncton-SE
rural-SE

/i, y/
deletion
59.0%
10.1%
3.9%
2.2%

schwa
deletion
10.6%
6.7%
5.8%
1.7%

5. DISCUSSION
The RM scores in Figures 1 and 2 are in line with
scores reported for European and Canadian varieties
of French (for example, [16], [24], [29]). This
similarity suggests that all four New Brunswick
French varieties are syllable-timed.
Significant differences among regions were found
for two rhythm metrics. Results for VarcoV confirm
our hypothesis: the NorthWest variety has the
smallest variability in vocalic intervals – and is hence
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more syllable-timed – while the Moncton-SE variety
has larger variability in vocalic interval duration –
and is less syllable-timed. However, results for the
%V metric do not support our hypothesis: it is one of
the southern varieties, rural-SE, that is the most
syllable-timed because it has the highest %V scores;
the NorthWest variety has the lowest %V scores and
is less syllable-timed.
These apparently “contradictory” patterns, where
RMs do not vary uniformly across different varieties,
have been noted in other studies (for example, [18]
and [25]). Our strategy to clarify the situation has
been to look at durations of individual segments. In
the present study, it was possible to carry out followup exploratory factor analyses of all segmental
durations in the data because the size of the speech
materials (approximately 115 segments) is
manageable. As well, all 140 speakers read exactly
the same sentences, so there is a good control of
phonological and semantic structures. This analysis
pointed to several characteristics including vowel
deletions.
Table 1 shows that NorthWest speakers have the
highest rates of both /i, y/ and schwa deletion. These
deletions contribute to lower the total proportion of
vocalic intervals (i.e., lower %V scores). Rural-SE
speakers have the lowest rates of vowel deletion
(higher %V scores); NorthWest speakers have the
highest rate of vowel deletion, (lower %V scores). In
addition, vowel deletions create longer consonantal
intervals, which can contribute to higher consonantal
interval variability, and to higher deltaC scores. In
fact, the NorthWest variety has some of the highest
scores on this consonantal metric, and the rural-SE
variety has some of the lowest scores (see Figure 2).
The high frequency of /i y/ deletion in the
NorthWest variety is likely due to the region’s close
geographical proximity to Québec. The southern
varieties are, geographically, much further away.
Laurentian (Québec) French has an optional rule of
high vowel devoicing and deletion, which is found in
contexts such as those where /t, d/ assibilation has
occurred ([28]). Given the high frequency of this
assibilation in the NorthWest variety – compared
with the other regions (see [4]) – the transfer of this
segmental process between dialects has a notable
effect on speech timing.
Other characteristics identified in the exploratory
study (but not reported here) include vowel
lengthening at phrasal boundaries and shortening of
certain vowels in unstressed positions. Both
processes are more common in the southern varieties,
which have greater variability in vocalic durations
and higher VarcoV scores.
In terms of a multidimensional view of speech
rhythm, the individual varieties are using different
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processes in order to realize stress timing. On the one
hand, vowel deletion is a strategy used by the
NorthWest variety. On the other hand, vowel
lengthening and shortening are used more frequently
by the southern varieties. These processes lead to
timing patterns that display different degrees of
syllable timing in the regional varieties.
The association between degree of language
contact and degree of syllable timing is more
complex than the simple correlation proposed in our
hypothesis. Both VarcoV and %V metrics establish
identical continua of regions – NorthWest,
NorthEast, two southern regions – which follow a
scale of highest to lowest demographic
concentrations of French speakers. However, using
English-French contact to explain the positions of
varieties on these continua is confounded with factors
such as contact with other French dialects.
Furthermore, this suggests that explanations need to
be sensitive to individual phonological processes.
This research contributes to a broader discussion
of RMs. Results confirm the importance of VarcoV
and %V as reliable metrics that can discriminate
among language varieties; [17] notes a similar
finding for other varieties of Romance languages.
Perhaps more important is the recommendation that
the relation between RMs and sources of timing
variation needs to be studied more closely.
Interpretation of RM scores, especially in cases
where there are “contradictory” patterns of RM
scores, can be improved by identifying specific
processes that affect timing.
6. CONCLUSION
Prosodic rhythm in the four regional varieties of
New Brunswick French can be described as syllabletimed. The main differences among these varieties
appear on two vocalic metrics, VarcoV and %V,
which indicate different degrees of syllable timing
among varieties. In the NorthWest variety, vowel
deletion appears to be a strategy that realizes a more
stress-timed rhythm. The metrics place the varieties
on a continuum: the NorthWest variety is at one end,
two southern varieties are at the other end, and the
NorthEast variety is in an intermediate position.
Explaining this continuum in terms of the
demographic concentration of French speakers
requires further research.
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ENDANGERED MINORITY VARIETY: INTONATION IN DÉISE IRISH
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ABSTRACT
This paper explores the issue of speaker uniformity in
the phonetic study of endangered language varieties,
with reference to work on the dialect of Irish (Gaelic)
spoken in Gaeltacht na nDéise (Co. Waterford).
Detailed prosodic study of this subvariety of Munster
Irish directly engaged with variation across
generations and degrees of ‘traditionalness’. Age and
score on a 10-point traditionalness scale showed no
correlation with one another, justifying the
consideration of the two as distinct factors.
A falling H*+L predominated in both prenuclear
and nuclear position. Relative distribution of pitch
accent types (H*+L, H*, L*+H) and boundary tones
(H%, 0%) frequently correlated with participant age,
and more rarely with traditionalness score.
The importance of a realistic view of interspeaker
variability in endangered varieties, and how to
approach this quantitatively, is discussed.

This paper adapts data and analyses from
unpublished recent work on Déise prosody [11],
elaborating on the importance of engaging with and
seeking to explain participant variability. Distribution
of intonational features (described autosegmentallymetrically using IViE; [7]) is compared with
participant age and relative ‘traditionalness’. A 10point traditionalness scale based on phonological,
lexical, morphosyntactic, and acquisition factors is
used, experimenting with a quantitative approach to
intuitions found in the literature on variation in
endangered speaker populations [5,8,10,14].
Figure 1. Map of Ireland with Gaeltacht areas indicated
in bold [16], and arrow indicating the Déise

Keywords: Intonation, variation, sociophonetics,
endangered varieties
1. INTRODUCTION

.

A degree of interspeaker variation is expected in the
study of any language. The numerous social and
linguistic pressures affecting endangered varieties
may cause this variation to be more pronounced [15].
Irish (Gaelic), though officially the primary
language of the Republic of Ireland, is spoken
natively by only a small percentage of the population.
Historically continuous Irish-speaking populations
are scattered around the periphery of the island in
regions known as Gaeltachtaí. This paper focusses on
the microdialect of Irish spoken in the Waterford
Gaeltacht, also known as Gaeltacht na nDéise. Déise
Irish is a subvariety of the Munster macrodialect, and
has a number of distinct phonological, lexical, and
morphosyntactic features. Like other dialects, Déise
Irish is under considerable pressure from English.
However, its extreme subminority status (1.7% of the
national Gaeltacht population; [16]) means that it is
also subject to influence from dialects of Irish more
robustly represented in Irish-language media,
especially those of Kerry and Conamara.
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2. BACKGROUND
2.1 Participant variation

The primary goal of [11] was to create a pitch accent
and boundary tone inventory that would be
comparable with existing data for other dialects of
Irish [4,6]. Interviews were conducted using a Zoom
H4n recording device with eleven participants who all
identified as native speakers of the local variety. Wide
idiolectal variation was immediately evident.
Participants were asked a series of biographical
questions (e.g. what language each parent spoke,
which language predominated in the home,
language(s) of education, etc.), and a continuum
emerged between more and less traditional speakers.
The
former
showed
fewer
signs
of
supraregionalisation of their idiolect; the latter
included both those with mixed acquisition situations
and those with significant influence from other
dialects of the language. The unpredictable nature of
acquisition in endangerment situations, especially

when a gradiently similar macrovariety is available
(see [10] on Louisiana Creole, Louisiana French, and
Standard French) interrupts the expected link
between speaker age and relative conservatism
[5,8,10].
In order to operationalise measurement of the
‘traditionalness’ intuition, a rough 10-point scale was
devised. Simple features for which presence/absence
was easily identifiable from interviews were selected.
Half points were included when participants
demonstrated awareness of a feature, but failed to use
it in their own speech. Four segmental features were
selected, along with two lexical features, one prosodic
feature, two morphological features, and one
‘acquisition’ feature (with half a point awarded per
Irish-speaking parent). A full description of the
features selected can be found in Appendix A of [11].
Participant age showed no correlation with
traditionalness score (r2=0.0214), supporting the
independence of the two factors.

Irish were able to include areal microvariation [4,6].
Munster Irish was represented only by Kerry [4], the
most robust subdialect. The only existing description
of intonation in the other Munster subdialects of Cork
and the Déise are anecdotal descriptions in
dialectological works from the 1940s [3,13].
Dalton [4] found an overwhelming preference for
falling pitch accents (H*+L) in Kerry Irish. Falls
comprised 100% of nuclear accents in all sentence
types (declarative, Yes/No-questions, and WHquestions). There was a small minority of prenuclear
highs (H*) and rises (L*+H), the latter always
preceded by a high boundary tone (%H). [2] and [13]
describe (impressionistic) nuclear rises and highs in
the Déise and Cork.
It was expected that Déise intonation would
roughly pattern with Kerry Irish. The possibility of
nuclear rises and/or highs was borne in mind.

Table 1. Lowest, highest, and median scores from
[10]’s 11 participants. Age included in brackets below
participant label.

Participants were recorded in a quiet room in a local
school. In order to ensure maximum comparability of
data, the same corpus of declarative sentence, Y/Nquestions, and WH-questions used in [4] was adapted
for use. The sentence list totalled 67 items, and 3
repetitions were attempted for all participants. In
some cases, this was cut short for reasons of stamina
or time constraint. A short story, Bean an Leasa, was
also read, consistent with methodology in other IViE
work [7].

Feature1
Diphthongisation
e.g. Rinn /raɪnj/
<-th> as [x]
/lγ/ as [γ]
-/N′/# as [ŋ]
LEXIS: bleán>crú
‘milk.VERB’
LEXIS: clois>airigh
‘hear’
Past-tense
marker <Dh’->
Choˈnaic ‘saw’
(Final stress)
sa + eclipsis
Irish-speaking
parents
Score:

06
(56)
1

02
(49)
1

NC2
(94)
1

0
0
0
.5

.5
0
1
.5

1
.5
1
1

0

0

1

0

.5

1

0

1

1

0
1

.5
.5

1
1

2.5

5.5

9.5

2.3 Elicitation

2.4 Analysis

2.2 Previous work on Irish intonation

Work as part of the Prosody of Irish Dialects (PoID)
project [12], and subsequent related research,
provides information on pitch accents, boundary
tones, and alignment patterns in the three Irish
macrodialects. Investigations of Connacht and Ulster
1

For explanation of these feature labels, see chapters 3.3
and 5.1 of [11], available online at https://bit.ly/2BRbcZo
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Sentence list and short story readings were analysed
in Praat [1], using IViE conventions. The decision to
use IViE was in keeping with the aim of
comparability with previous work on Irish. The IViE
provision for a neutral boundary tone option (0%) is
particularly useful for the parsimonious analysis of
Irish data [4,6]. Levels of analysis were gradually
layered onto one another, allowing for frequent
checks of analytical consistency across files.
Once analysed, distribution of intonational
features (as a percentage of all cases) was compared
with participant age and traditionalness score.
Potential correlations were evaluated using the
coefficient of determination r2, with a consideration
threshold of r2≥0.2 based on psychological literature
[3]. The use of a descriptive rather than inferential
statistic was appropriate to both the exploratory
nature of the work and the sample size in question [9].
2

NC did not receive a numerical label, as his interview
was unique. He was unable to complete the standard
elicitation task due to his age and health.

3. RESULTS

3.2 Nuclear Pitch Accents

Findings for pitch accent and boundary tone
inventory and distribution are summarised below.
Results for statistical comparison of age and
traditionalness as predictors of individuals’
distributions are reported; the issue of evident
participant variability is discussed in section 4.

Nuclear pitch accent distribution roughly parallels
that of Kerry. However, while H*+L is the only
nuclear pitch accent attested in the latter variety,
Déise participants exhibited notable variation. H*+L
was consistently the dominant nuclear pitch accent,
but only for a single participant was it the exclusive
nuclear accent type attested. Distribution of nuclear
pitch accents for all sentence types showed some
degree of correlation with participant age.
In declaratives, participant age emerged as a
predictor for (i) relative strength of H*+L
(r2=0.2379), and (ii) relative weakness of L*+H
(r2=0.37). This is consistent with the youngest
participant (10; 34 years old) exhibiting nuclear rises
in 27% of her declaratives, versus 9% of declaratives
for the two participants with the next highest L*+H
usage. This result compliments 10’s use of nuclear
H*+L H%, which also highlights a degree of
ambiguity in assignment of accent labels.
For WH-questions, the only significant correlation
to emerge was between degree of nuclear L*+H
presence and participant age (r2=0.2035). Younger
speakers showed a higher rate of L*+H usage, while
older speakers often used no nuclear rises at all in
questions.
Two correlations emerged for the distribution of
nuclear pitch accents in Y/N-questions. The first was
between L*+H usage and participant age (r2=0.2064),
parallel to the relationship found in WH-questions.
The second was between nuclear H* usage and
traditionalness score (r2=0.3302). A higher rate of
nuclear H* in Y/N-questions was found for speakers
with a lower traditionalness score.

3.1 Prenuclear Pitch Accents

Distribution of prenuclear pitch accents in the Déise
closely resembled that described by [4] for Kerry
Irish. There was a strong preference for falling H*+L
(76-97% of all prenuclear accents), with a notable
minority of prenuclear rises (L*+H; 1-17%), and a
more scarce H* (0-10%).
Findings for the three sentence types elicited are
considered in sequence below.
Distribution of prenuclear pitch accents in
declaratives were best predicted by participant age.
This applied to H*+L (r2=0.2055) and L*+H
(r2=0.29), but not to H* which showed relationships
with neither age nor traditionalness. Older speakers
exhibited a relatively more pronounced dominance of
H*+L in prenuclear position, with younger speakers
allowing for a stronger (minority) presence of L*+H
and H*.
For WH-questions, participant traditionalness
score correlated with relative dominance of
prenuclear H*+L (r2=0.3231). More traditional
speakers tend towards exclusive use of prenuclear
falls for WH-questions, while less traditional ones
show a slight incursion of L*+H and H*.
Finally, neither potential predictor achieved the r2
threshold of 0.2 for prenuclear pitch accent
distribution in Y/N-questions. Traditionalness score
fell just short of this with r2=0.194. As in other
sentence types, H*+L comprised the vast majority of
tokens.
Table 2. Summary of prenuclear pitch accent types

Participant (Age, Score)
01 (63, 3.5)
02 (49, 5.5)
03 (46, 7.5)
04 (64, 7.5)
05 (73, 6)
06 (56, 2.5)
07 (78, 6)
08 (52, 7)
09 (47, 8.5)
10 (34, 7)
NC (94, 9.5)

N
513
498
155
375
64
358
323
327
329
321
60

H*+L
83%
91%
76%
97%
97%
87%
91%
86%
94%
86%
95%

L*+H
17%
7%
14%
1%
1%
8%
9%
13%
3%
13%
0%

H*
0%
0%
10%
0%
0%
5%
0%
0%
5%
0%
5%
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Table 3. Summary of nuclear pitch accent types

Participant (Age, Score)
01 (63, 3.5)
02 (49, 5.5)
03 (46, 7.5)
04 (64, 7.5)
05 (73, 6)
06 (56, 2.5)
07 (78, 6)
08 (52, 7)
09 (47, 8.5)
10 (34, 7)
NC (94, 9.5)

N
336
299
219
310
64
378
292
361
343
308
43

H*+L
96%
93%
90%
84%
92%
83%
92%
89%
95%
71%
93%

L*+H
4%
3%
6%
6%
2%
9%
5%
9%
2%
27%
0%

H*
0%
4%
3%
10%
6%
8%
3%
2%
3%
2%
7%

3.3 Boundary Tones

A number of interesting trends emerged for both
initial and final boundary tones across all sentence
types. The low boundary tone L% found in

Conamara, was unattested. This is consistent with the
binary 0%/H% boundary inventory described for
Kerry [4].
In declaratives, initial boundary tone distribution
correlated with traditionalness score (r2=0.2778).
More traditional speakers preferred a neutral
boundary %0, while less traditional speakers showed
a significant minority of initial high %H. This is
particularly interesting in light of a strong %H
preference for declaratives in Cork Irish [13], and
may support a link between traditionalness and
supraregionalisation. Final boundary tones were
almost exclusively neutral (0%) for all participants.
Both initial and final boundary tone behaviour for
WH-questions correlated with participant age
(r2=0.2623). Initial %H as a marker of WH-questions
has been described for both Kerry [4] and Cork [13].
Broadly speaking, younger participants showed a
higher rate of %H usage than their older counterparts.
The same was true of final boundary tones: younger
speakers appeared more likely to end WH-questions
with a high H%. This trend is substantially defined by
the robust H% usage exhibited by the young
participant 10 (72% of WH-question final
boundaries).
Y/N-questions exhibit a split in directionality of
age trend. For initial position, older speakers show a
stronger tendency to use %H rather than %0
(r2AGE=0.4188). In final position, it is younger
speakers who prefer the high specification (H%;
r2=0.6069). Younger speakers may be more likely to
think of H% as typically ‘question-like’ based on
English, consequently including more instances of
this when directed to produce ‘realistic’ question
intonation.
Table 4. Summary of initial and final boundary tones

Participant
(Age, Score)
01 (63, 3.5)
02 (49, 5.5)
03 (46, 7.5)
04 (64, 7.5)
05 (73, 6)
06 (56, 2.5)
07 (78, 6)
08 (52, 7)
09 (47, 8.5)
10 (34, 7)
NC (94, 9.5)

N

%H

%0

H%

0%

336
299
219
310
64
273
292
361
343
307
43

24%
14%
3%
5%
13%
15%
27%
11%
17%
19%
0%

76%
86%
97%
95%
87%
85%
73%
89%
83%
81%
100%

6%
5%
8%
2%
3%
4%
6%
5%
7%
17%
0%

94%
95%
92%
98%
97%
96%
94%
95%
93%
83%
100%

4. DISCUSSION
The above highlight a wide range of variability in
intonation preferences, despite all participants
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ostensibly speaking “Déise Irish” as their primary
language/dialect.
Ultimately, participant age emerged as a more
frequent predictor of the distribution of pitch accents
and boundary tones (8 of 13 categories considered).
Traditionalness score was a far stronger predictor for
a significant minority of features (3 of 13, with a
marginal fourth one). Participant traditionalness was
also useful in rationalising speaker subgroupings,
even for categories in which it was not itself of strictly
predictive utility.
Generational variation is unsurprising. Increased
presence of nuclear rises, especially in questions, is
consistent with expected influence from English.
Participants were instructed to read sentences as
naturally as possible, which may have encouraged an
exaggerated use of final rises as ‘typical’ indicators
of questions.
Traditionalness variation is of particular interest.
The minority of cases for which traditionalness score
was of predictive utility represented increased. This
is taken to indicate a supraregionalisation trend for
speakers with increased exposure to other dialects.
Several participants, for example, received postprimary education through Irish outside of the Déise.
The traditionalness scale used for this work was
exploratory and aimed to include a mix of potential
subfactors contributing to speaker traditionalness. In
future, it may be of interest to compare
methodologically parallel scales of traditionalness in
different domains (phonology, lexis, acquisition, etc.)
5. CONCLUSION
The aim of this paper was to emphasise the danger of
taking (relative) speaker uniformity for granted when
dealing with intonation in endangered minority
varieties. A degree of variation is expected when
dealing with any language variety, but the erratic
nature of acquisition situations and usage patterns in
endangerment situations magnifies this. Variation,
and its potential sources, must be engaged with as part
of the realistic description of these highly pressured
varieties. This is an issue receiving increased
attention in current variationist sociophonetics [15].
In the case of Déise Irish, speakers are under
pressure not only from English, but from other major
dialects of Irish. A traditionalness scale allowed for
an exploratory quantitative approach to variation
beyond strictly generational change. This
methodology
complemented
a
standard
autosegmental-metrical approach to describing the
intonation of an understudied subvariety of Irish.
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ABSTRACT
This study examines the realization of the voiceless
dental fricative /θ/ and its variation (TH variation) by
educated Nigerian English speakers and presents the
preliminary results. Previous studies on TH variation
(e.g. [17], [19], and [1]) have found that /θ/ is often
realized as [t] in Nigerian English. However, there is
a lack of systematic review of TH variation and an
investigation of its potential correlation with social
factors. In the present study, the TH production of 33
speakers (18m15f) were examined. They were
selected from the Nigerian component of the
International Corpus of English (ICE Nigeria) based
on their age, gender, and ethnic group. Identified
tokens were analysed using a mixed-effects logistic
regression model.
Keywords: Phonology, TH-variation, linguistic
variation, Nigerian English
1. INTRODUCTION
There is no uniform accent of English spoken
throughout Nigeria. Nigeria, which has close to two
hundred million in population, has affiliations to
different ethnic groups, which makes Nigeria a
multicultural and multilingual society. The
constitution of Nigeria recognizes three major
languages among the over 500 languages in the
country: Hausa, Igbo, and Yoruba. They are spoken
by the three major ethnic groups respectively and
characterised by distinct phonological systems. These
divisions explain why ethnicity is a major divide in
Nigeria. Scholars such as [4], [7], [12], [13], and [14]
have accorded ethnicity a prominent place in the
identification of Nigerians when they communicate in
English. This is because Nigerians are often
influenced by their native languages when speaking
English, especially for sounds that are missing in the
indigenous languages ([11], [15], [8]). Previous
research, e.g. [8], has demonstrated that Nigerian
English is heterogeneous in nature and observed that
some English consonants and vowels have different
variants in Nigerian English depending on regions
and ethnicity. The author also noted that the voiceless
dental fricative /θ/ is often realized as [θ] or [s] by a
Hausa speaker, whereas in educated Yoruba English,
it is realized as [θ] or [t].
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Since in general the level of education determines the
variety of English used by individuals where English
functions as a second language, most of the
descriptions of the Nigerian English sub-varieties
correlate levels of competence with the speakers’
educational background ([5], [18], [9]). This study
investigates the sociophonetic variation in Educated
Nigerian English, focusing on the realization of
voiceless dental fricatives with regard to possible
evidence for an emerging, distinctive Standard
Nigerian English phonology. While earlier work on
Nigerian English (e.g. [17], [19], [3], [1], [2])
revealed that some forms of variability exist in the
pronunciation of the dental fricatives /θ/ and /ð/ in
Nigerian English, this study examines the linguistic
and social constraints influencing this variation in the
educated variety of Nigerian English. [19]
investigated the general features of spoken English in
Nigeria and one of her findings is that /θ/ often
changes to [t], who identified the level of education
as a major factor for classifying spoken Nigerian
English. [1] focused mainly on university graduates
covering a smaller range of other constraints on the
dental fricatives variation; [2] examined selected
English bilingual graduates, representing just one
ethnic group (Yoruba). While many of these studies
have established the existence of variation in the
realization of dental fricatives in Nigerian English,
they limited their studies to a small range of subjects
(one ethnic group) and social factors (education and
gender). The present study, therefore, explores the
variability in educated Nigerian English speakers
from different backgrounds and controls for a wider
range of variables, with the aim of identifying the
variants of the word initial voiceless dental fricatives
and the conditioning linguistic and social constraints.
In addition, this study adopts a variationist approach
and examines the non-linguistic constraints such as
gender, age, ethnic group.
2. METHODS
2.1. Speakers
Speakers of the present study were 33 educated
Nigerian English speakers. They were selected from
the ICE Nigeria, which consists of 609,586 words in
the spoken data [20]. As this study adopted a 2x3x4
factorial design, namely gender (male, female),

ethnicity (Hausa, Igbo, and Yoruba), and age group
(20-29, 30-39, 40-49, and 50 or above), the three
factors served as the criteria for the selection of the
speakers and their respective audio files in the ICE
Nigeria.
In total, there were 729 tokens from 18 male and
15 female speakers. The tokens were factored into the
analysis (see the distribution in Table 1).
Table 1. Distribution of tokens (N=729)
Gender
n
Age
Male
385
20-29
Female
344
30-39
Ethnic
n
40-49
Hausa
201
≥ 50
Igbo
280
Yoruba
248

n
234
152
138
205

2.2. Data analysis
The transcription of the token was conducted by two
of the authors. Each token was transcribed
phonetically by listening to it repeatedly. The tokens
can be generally categorized into three main
phonemes: /θ/, /t/, and /s/. Despite variations noted in
the data, all allophonic variations such as aspirated
[tʰ], unaspirated [t], and dental [t̪ ] were coded as the
phonemic representation /t/.
All the tokens were transcribed independently in
two rounds by the two coders. Comparison was made
between the results of the first and second round
transcriptions. A 92% inter-rater reliability was
achieved for the phonetic transcriptions. If there was
an inconsistent transcription of the token, the token
would be transcribed by the third author for the final
decision. Five tokens from the original data set were
excluded for the analysis due to disfluency and the
infrequent occurrence of the pronunciation in the
dataset such as [g] and [dʒ].
In the first attempt, the 729 tokens were analyzed
using a mixed effects multinomial logistic regression
model with the MCMCglmm package [10]. The
dependent variable, namely the production of TH,
was factored into three levels: [θ], [t], and [s].
However, since the number of tokens of the third
level [s] were insufficient for modelling, they would
only be discussed descriptively in the results. Instead,
a mixed effects binomial logistic regression model
was adopted for statistical analysis with the two-level
factors: [θ] and [t]. It was performed with the lme4
package [6] in R [16].
Regarding the fixed factor, although the aim of the
present study was to investigate the effects of the
social factors (gender, ethnicity, and age) as well as
the linguistics factor (environment) on the production
of TH in Educated Nigerian English, the latter was
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not included in the model as it did not generate
significant effects. In terms of the random factors,
both the speakers and words were included in the
model as this study adopted a repeated-measures
design (given the nature of ICE Nigeria).
3. RESULTS
The prevalence of TH variation is first described in
Table 2. As can be seen, among the realizations of
TH, 47.2% of the tokens were realized as the
voiceless dental fricative [θ] and 52.8% of the tokens
were pronounced as a variant of the voiceless dental
fricative. Within the TH variation, there were 356
(92.5%) tokens of [t] and 29 (7.5%) tokens of [s].
Table 2. Realization of TH (N=729)
n
%
[θ]
344
47.2
TH variation
385
52.8
[t]
356
[s]
29

92.5
7.5

Table 3. Realization of TH by gender, ethnic group,
and age (N=729)
[θ]
[t] [s] Total n
Gender
male 164
193 28
385
female 180
163
1
344
Ethnicity
Hausa
73
100 28
201
Igbo 121
159
0
280
Yoruba 150
97
1
248
Age
20-29 108
122
4
234
30-39
41
111
0
152
40-49
84
44 10
138
≥50 111
79 15
205
Table 3 illustrates the realization of TH by gender,
ethnicity, and age. A series of two-proportion z-tests
were computed to compare the results using a 5%
alpha level. It is observed that female speakers used
more [θ] than [t] (p=.011). Yoruba speakers used
significantly more [θ] than Hausa speakers (p<.001),
whereas Igbo speakers used significantly more [t]
than Yoruba speakers (p=.048). Speakers in their 30s
used significantly less [θ] than speakers in other age
groups (p<.05). Interestingly, male, Hausa speakers
contributed almost all of the tokens of [s].
Table 4. Best-Fit Mixed Effect Regression Model of
the Production of [θ] and [t] as Binomial Dependent
Variable, with Word and Speaker as Random Factor
Fixed effects Levels

Coef.

SD

p

Intercept
Age

30-39
40-49
≥50
Gender
male
Ethnic
Igbo
Yoruba
Age:
30-39:
Gender
male
40-49:
male
≥50:
male
Random effects
Word
Speaker

-4.94
-3.40
1.58
1.16
3.85
17.3
5.84
4.9

2.92
1.63
1.43
1.34
2.96
5.65
2.78
2.24

.09
.036*
.27
.39
.19
.97
.036*
.029*

.25

2.26

.91

-17.6

5.56

.98

Var.
0.16
1.82

SD
.40
1.35

*significant at .05 alpha
The descriptive results are further confirmed by our
statistical model. As shown in Table 4, the process of
model comparisons retained the interaction effect
between the social factors age and gender. Male
speakers in their 30s significantly favor the TH
variant (p=.029). Ethnicity is also a significant
predictor conditioning the production of TH, as
Yoruba speakers realized [θ] more frequently than
Hausa speakers (p=.036). Moreover, speakers in their
30s are shown to disfavor the TH variant generally in
comparison with speakers of other age groups
(p=.036). The best fit model eliminated all linguistic
factors, indicating that the production of the TH
variants is not strongly controlled by internal
constraints.
4. DISCUSSION AND CONCLUSION
Generally, findings from the study indicate that while
there are three major variants of TH realizations in
Educated Nigerian English, speakers seem to prefer
to articulate the voiceless dental fricative as [t] and
[θ]. From the 729 tokens, the analysis indicates that
most of the speakers prefer to realize the variable in
order of preference as [t] (356 tokens), [θ] (344
tokens), and [s] (29 tokens). Obviously, there is a
close margin between the tokens realized as [θ] and
[t]. This shows that [θ] has already become an
intricate part of the Educated Nigerian English
phonology.
To summarize, the results in this study
demonstrate that TH variations in Nigerian English
are sometimes affected by sociolinguistic factors. Our
findings have indicated that female speakers
significantly favour [θ] more than [t] (p=.011) while
male speakers use more [t] than the female
counterparts. This indicates that educated women
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tend to favour the use of the target like variety than
educated men. However, these findings seem to refute
the report from the study conducted by [2] that there
is no significant gender difference in the speech of
educated Nigerians with respect to the realizations of
dental fricatives. We are however aware that [2]
covered a smaller range of subjects. To enhance the
generalisability of these findings, more data should be
explored in future studies. Such follow-up studies
will provide further insight into TH realization in
Nigerian English.
Moreover, our results show that the realization of
the TH variable was affected significantly by the
speakers’ ethnic group. Yoruba speakers used
significantly more [θ] than the speakers from the
other ethnic groups; whereas Igbo speakers used
significantly more [t] than Yoruba speakers and also
more than the Hausa speakers. The Hausa speakers
(male) seem to be the only ethnic group who
occasionally have TH variable realized as [s]. This
validates the claims from [8], [2], and [19], though in
a more descriptive context, that the ethnic affiliations
of Nigerian speakers of English often influence their
performance in English usage. The varying TH
realizations provide empirical account on language
interference often experienced by Nigerians because
of the lack of dental fricatives in the phonemic
inventories of their first language, forcing them to
substitute such realizations with a similar phoneme.
The age factor did not have much impact on the
speakers’ performance apart from the speakers in
their 30s who recorded significantly less [θ] than
speakers from other age groups. This is likely an
individual linguistic characteristic. This is perhaps the
first study to consider age as a possible social
conditioning factor in the variable realizations of the
dental fricatives in Nigerian English; more studies are
therefore needed.
As mentioned earlier, there are no indications that
the production of the TH variants is strongly
influenced by linguistic factors. It should be noted
that our study only examined word initial voiceless
dental fricative. For future studies, the word-medial
and final position should also be examined.
In addition, the aspirated and unaspirated
realizations of /t/ were all coded uniformly as /t/ in the
present study. However, it would also be interesting
to further examine acoustically if any linguistic and
non-linguistic factor may potentially influence the
degree of aspiration and the realizations of wordinitial /t/. It is preliminarily observed that the TH in
think was often pronounced with aspiration, whereas
TH in thousand was not aspirated (see Figures 1 and
2 for visual inspection of the waveforms and
wideband spectrograms).

Figure 1: Waveforms of the words I think (on
the left) and two thousand (on the right)
demonstrating two varied realizations of /t/.

Figure 2: Wideband spectrograms of the words
I think (on the left) and two thousand (on the
right) demonstrating two varied realizations of
/t/.

In sum, the present study considers additional
sociolinguistic factors that have been neglected so far
in the investigation of the TH production among
speakers of English in Nigeria. The findings have
further confirmed that some Nigerian users of English
encounter difficulties in the appropriate use of dental
fricatives. Moreover, results exhibit inter- and intraspeaker variability in the realizations of the dental
fricatives in Educated Nigerian English, which are
significantly controlled by both structural and
sociological constraints. The unique pattern of TH
realizations in Nigerian English may also be
interpreted as a phonological characteristic of the
Nigerian English variety. To this end, this study has
contributed its quota to the mounting thoughts on the
increasingly localized features of Nigerian English as
an independent variety of world Englishes.
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ABSTRACT
The developmental trajectory of sociolinguistic
competence extends into adolescence. The goal of the
current study was to explore this trajectory for
regional dialect intelligibility. Participants in the
American Midwest ranging in age from 4-79 years
completed a phrase intelligibility in noise task with
stimulus materials produced by female talkers from
the Midland, New England, Northern, and Southern
dialect regions of American English. The results
revealed significant effects of talker dialect across the
lifespan: Midland talkers were most intelligible,
followed by Northern and Southern talkers, followed
by New England talkers. Intelligibility accuracy
reached an adult-like level at age 12-15 years, in
parallel to the age ranges at which adult-like language
attitudes and dialect classification are observed.
Intelligibility accuracy also declined after age 50
years, consistent with overall decreases in speech
intelligibility and dialect classification with aging.
These results suggest close connections in the
development of different perceptual domains of
sociolinguistic competence.
Keywords: regional dialect, intelligibility in noise,
language development, sociolinguistic competence
1. INTRODUCTION
Sociolinguistic competence has been proposed to
exhibit a protracted developmental trajectory, in
which adult-like performance is not achieved until
adolescence [18]. Recent research in the domain of
dialect perception has provided evidence in support
of this proposal [e.g., 16, 23]. Although children as
young as 4-5 years can accurately categorize some
talkers by regional or ethnic dialect [11, 16], adultlike accuracy in regional dialect classification is not
observed until 14-17 years [16, 24, 32]. Similarly,
although preschool-aged children exhibit social
preferences for talkers who share their native variety
[9, 17], adult-like language attitudes are not in place
until 10-13 years [10, 23]. The goal of the current
study was to explore the development of a third
dimension of regional dialect perception: crossdialect intelligibility.
Previous research with adults has shown that
speech intelligibility is more accurate for familiar
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dialects than for less familiar dialects [e.g., 7, 14, 20,
22, 30, 33]. For example, Labov and Ash [20] found
that Southern talkers were more intelligible for
listeners from Birmingham, Alabama, than for
listeners from Chicago or Philadelphia, suggesting a
processing benefit for local varieties. In addition,
Clopper and Bradlow [7] found that General
American talkers were more intelligible than
Northern talkers for both General American and
Northern listeners, suggesting a processing benefit for
standard varieties.
Much of the previous research on cross-dialect
intelligibility with children has focused on infants and
toddlers, revealing incremental improvement in the
intelligibility of unfamiliar varieties from 15 to 25
months [e.g., 3, 25, 31]. Studies exploring dialect
intelligibility in school-aged children (4-12 years)
have demonstrated consistent familiar dialect benefits
for a range of regional and racial varieties [2, 15, 26,
27, 28, cf. 6]. However, explicit comparisons between
the results for adults and children are difficult, due to
differences in task design and stimulus dialects. One
exception is the work by Jacewicz and Fox [14, 15],
in which the same task and materials were used with
adults and 9-12 year olds [see also 1, 2]. Their results
showed that the children’s intelligibility performance
was worse than the adults’, suggesting continued
development in cross-dialect intelligibility into
adolescence.
The current study explored the developmental
trajectory of regional dialect intelligibility in noise for
listeners ranging in age from 4-79 years. The study
involved listeners in the American Midwest and
stimulus talkers from the Midland, New England,
Northern, and Southern American English dialect
regions. These talker and listener characteristics are
similar to those in Clopper and Bradlow’s [7] study,
in which Midwestern adult listeners were presented
with stimulus talkers from the General American,
Mid-Atlantic, Northern, and Southern dialects. We
therefore expected to observe parallel results: the
adult listeners in the current study were expected to
show an intelligibility benefit for Midland talkers,
who are most similar to General American talkers
[19]. The Northern and Southern talkers were
expected to be less intelligible than the Midland
talkers and the New England talkers were expected to
be the least intelligible. The Mid-Atlantic and New
England dialects are phonetically distinct [21], but

Midwestern listeners find them highly confusable [8],
suggesting similarly low intelligibility for these two
varieties for Midwestern listeners. Based on previous
work [e.g., 26, 27], we expected children as young as
4 years to exhibit intelligibility differences between
these regional dialects and that adult-like accuracy
would emerge in adolescence, in parallel to the
developmental milestones observed in other
perceptual domains of sociolinguistic competence
[e.g., 10, 16, 23, 24, 32].
2. METHODS
2.1. Participants
325 participants were recruited from among the
visitors to a science museum in the American
Midwest. All participants were native speakers of
American English with no self-reported history of
speech or hearing disorders. The participants ranged
in age from 4-79 years. Children aged 4-7 years
completed the intelligibility in noise task with a
relatively easy signal-to-noise ratio (SNR) of +6 dB
to ensure some success with the task. Children aged
12-17 years and adults completed the task with a
harder SNR of +1 dB to avoid ceiling effects. As in
Jones et al.’s study [16], children aged 8-11 years
completed the task with one of the two SNRs in a
between-subject design so that the developmental
trajectory in performance could be assessed across
SNRs. The numbers of participants in each age group
in each noise condition are shown in Table 1.

+6 dB SNR
20
28
25
22

95

2.2. Stimulus materials
The stimulus materials comprised short phrases
extracted from sentences produced by three female
talkers from each of four American English dialect
regions (Midland, New England, North, and South)
from the TIMIT Acoustic-Phonetic Continuous
Speech Corpus [13]. Two unique phrases were
selected for each talker, for a total of 24 targets. As in
Clopper and Bradlow’s [7] study, the phrases were
selected to contain dialect-specific segmental features
so that dialect differences in intelligibility could be
observed. These features included /ɔ/ lowering in the
Midland; r-lessness, /æ/-raising, and /ɔ/ lowering in
New England; /æ/-raising, /ɑ/ fronting, and /ɛ/
backing in the North; and /ɑj/ monophthongization,
/u/ fronting, and /i/ lowering in the South [21].
Prosody was not considered in stimulus selection,
although it varies across dialects in the TIMIT corpus
[5]. The six target stimulus phrases for each talker
dialect are shown in Table 2.
Table 2: Target stimulus phrases for each talker
dialect.

Dialect
Midland
New England

Table 1: Numbers of participants in each age group
for each noise condition.

Age Group
4-5
6-7
8-9
10-11
12-13
14-15
16-17
18-34
35-49
50-79
Total

regions (N=15, 5%) or had lived in more than one
dialect region (N=68, 21%).

North

+1 dB SNR

South

26
24
29
30
27
39
30
25
230

Target Phrases
autumn leaves, his legs, long black
hair, on the safari, the flower beds,
the gorgeous butterfly
a crab, all year, greasy wash water,
peeling an orange, the two artists,
your dark suit
adhesive tape, blue feather, in a
man’s hat, ten thousand, the icy
antarctic, the small lake
a large piece, bobcat and hyena,
pine trees, the blue rug, the ironing
board, wild animals

2.3. Procedure

The majority of the participants (N=212, 65%) were
lifetime residents of the American Midwest, which
includes both the Midland and Northern dialect
regions. A small percentage of participants were
lifetime residents of the other regions included in the
stimulus materials: New England (N=4, 1%) and
South (N=26, 8%). The remaining participants were
lifetime residents of other American English dialect
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Participants were seated at a personal computer in a
dedicated lab space in a science museum. For all
participants, the 24 target stimulus phrases were
presented one at a time in random order for
identification. For children aged 4-7 years, the
phrases were mixed with speech-shaped noise at a
SNR of +6 dB. For children aged 8-11 years, the
phrases were mixed with speech-shaped noise at a
SNR of either +6 dB or +1 dB, in a between-subject
design (see Table 1). For children aged 12-17 years
and for adults, the phrases were mixed with speechshaped noise at a SNR of +1 dB.

3. RESULTS
The mean by-subject keyword accuracy scores were
submitted to repeated measures ANOVAs with talker
dialect as a within-subject factor and participant age
group as a between-subject factor, separately by noise
condition.
3.1. Easier +6 dB SNR condition
A summary of the keyword accuracy for each talker
dialect for each age group in the easier +6 dB SNR
condition is shown in Figure 1. The repeated
measures ANOVA revealed a significant main effect
of talker dialect (F(3, 273)=107.46, p<.001) and a
significant main effect of age group (F(3, 91)=8.78,
p<.001). The interaction was not significant.
Post-hoc paired-sample t-tests with Bonferroni
correction (α=.008) on talker dialect revealed that
Midland talkers were significantly more intelligible
than Northern and Southern talkers, who were
significantly more intelligible than New England
talkers, as expected. Post-hoc independent sample ttests with Bonferroni correction (α=.008) on age
group revealed significantly higher accuracy for 8-11
year olds than for 4-5 year olds and for 10-11 year
olds than for 6-7 year olds, suggesting continued
development
in
cross-dialect
intelligibility
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throughout this age range, as expected. The lack of a
significant interaction suggests that although overall
performance improved with age from 4 to 11 years,
the three-way distinction among the dialects in
intelligibility was robust throughout this age range.
An analysis of the subset of lifetime Midwestern
listeners (N=70, 74%) revealed qualitatively similar
results. Observed non-significant effects in the subset
analysis can be attributed to reduced statistical power.
Figure 1: Mean proportion keywords correct for
each talker dialect for each age group in the +6 dB
SNR condition. Error bars show standard errors of
subject means.

Accuracy (+6dB SNR)

1.00
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0.25
0.00
4-5
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3.2. Harder +1 dB SNR condition
A summary of the keyword accuracy for each talker
dialect for each age group in the harder +1 dB SNR
condition is shown in Figure 2. The repeated
measures ANOVA revealed a significant main effect
of talker dialect (F(3, 666)=313.57, p<.001), a
significant main effect of age group (F(7, 222)=7.19,
p<.001), and a significant talker dialect x age group
interaction (F(21, 666)=1.99, p=.005).
Figure 2: Mean proportion keywords correct for
each talker dialect for each age group in the +1 dB
SNR condition. Error bars show standard errors of
subject means.
1.00

Accuracy (+1dB SNR)

Children aged 4-11 years were asked to listen to
the phrases over headphones and repeat the phrase
aloud. To ensure that repetitions reflected lexical
access and were not simply phonetic imitations [26],
the children were then asked to define or explain what
the phrase meant. The children’s responses were
coded in real-time by the experimenter and audiorecorded so the reliability of the real-time coding
could be assessed. Offline coding of 20% of the
recorded data revealed reliability of 94% with the
real-time coding. The real-time coding was therefore
deemed reliable and used in the analysis. Children
aged 12-17 years and adults were asked to listen to
the phrases mixed with noise and type what they
heard using the computer keyboard. These typed
responses were hand-corrected for obvious
typographical errors (e.g., aotumn for autumn).
All of the responses were coded for accuracy
based on the proportion of keywords correctly
reported for each target phrase. Keywords were
defined as all content words in the phrase and each
phrase contained 1-3 keywords. The set of keywords
varied in lemma log frequency from 1.32 to 4.97 [4],
but did not differ significantly across talker dialects
(F(3, 42)=0.33, ns). An exact match for all
morphemes was required for the response to count as
correct (e.g., leg was incorrect for legs).
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Post-hoc paired-sample t-tests with Bonferroni
correction (α=.008) on talker dialect revealed that

Midland talkers were significantly more intelligible
than Northern talkers, who were significantly more
intelligible than Southern talkers, who were
significantly more intelligible than New England
talkers. Thus, among these older children and adults,
a significant overall difference in intelligibility
between Northern and Southern talkers was observed
that was not observed with the younger children.
Post-hoc independent sample t-tests with Bonferroni
correction (α=.002) on age group revealed that 8-9
year olds and 50-79 year olds performed significantly
more poorly than 18-49 year olds, and that 10-11 year
olds performed significantly more poorly than 18-34
year olds. These results further confirm continued
development in overall intelligibility accuracy among
8-11 year olds, but also suggest that performance
reaches adult-like overall accuracy by age 12 years.
Moreover, performance declines after age 50 years.
To explore the significant talker dialect x age
group interaction, post-hoc paired-sample t-tests with
Bonferroni correction (α=.008) were conducted
within each age group to examine talker dialect
differences in intelligibility. The results of these posthoc tests were generally consistent with the overall
pattern, with two exceptions. First, only 14-15 year
olds and 18-34 year olds exhibited a significant
intelligibility difference between the Northern and
Southern talkers. This result suggests that younger
children, for whom Northern and Southern talkers did
not differ in intelligibility, exhibit qualitatively
similar cross-dialect intelligibility to many older
children, as well as to middle-aged and older adults.
Second, the intelligibility of New England and
Southern talkers did not differ for 8-9 year olds, 1213 year olds, or 50-79 year olds. For the 8-9 year olds
and, especially, for the 50-79 year olds, this lack of
difference may reflect the compression of accuracy
scores across dialects due to lower overall accuracy
(see Figure 2). For the 12-13 year olds, this lack of
difference suggests that development in cross-dialect
intelligibility continues into the early teenage years,
because children are not fully indistinguishable from
young and middle-aged adults until 14-15 years. An
analysis of the subset of lifetime Midwestern listeners
(N=142, 62%) revealed qualitatively similar results to
the full analysis. As in the analysis of the younger
children’s data, observed non-significant pairwise
comparisons in the subset analysis can be attributed
to reduced statistical power.
4. DISCUSSION
The Midwestern adults in the current study exhibited
the most accurate intelligibility for Midland talkers,
followed by Northern talkers, followed by Southern
talkers, followed by Mid-Atlantic talkers. This
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pattern is broadly consistent with the results of a
similar study by Clopper and Bradlow [7] and
confirms an overall intelligibility benefit for the moststandard Midland variety, as well as an intelligibility
benefit for the more familiar (i.e., geographically
closer) Northern and Southern varieties relative to the
New England variety. The children showed a similar
pattern of relative dialect intelligibility at age 4-5
years, but did not achieve adult-like intelligibility
accuracy until age 12-15 years. Given the limited
previous research examining dialect intelligibility in
teenagers [cf. 1], these results provide an important
missing piece of the developmental trajectory in this
domain of sociolinguistic competence.
The results also reveal similarities between the
developmental trajectory for regional dialect
intelligibility and those for perceptual dialect
classification and language attitudes. In all three
perceptual domains, the developmental trajectory
extends into adolescence, as suggested by Labov [18]
for sociolinguistic competence in production.
Moreover, the ages at which adult-like performance
is observed are similar across perceptual domains: 1013 years for language attitudes [10, 23], 12-15 years
for intelligibility accuracy (the current study), and 1417 years for dialect classification accuracy [16, 24,
32]. Although some of the studies exploring these
three perceptual domains have been conducted with
similar populations of talkers and listeners [i.e., 16,
23, 24], the participants differed across studies. Thus,
to confirm the connections among these perceptual
domains of sociolinguistic competence, a withinsubjects study in which the same participants
complete tasks in all three domains is necessary.
Finally, the results suggest a decline in dialect
intelligibility performance among older adults. This
decline is consistent with overall cognitive declines
that begin in young adulthood [29], with declines in
speech intelligibility that are observed in older adults,
independent of documented hearing loss [12], and
with declines in perceptual dialect classification
performance [24]. The parallel declines in dialect
classification and dialect intelligibility performance
after age 50 years provide further evidence for the
close cognitive connection between these perceptual
domains of sociolinguistic competence.
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ABSTRACT

stop is produced with a typical English burst when
speaking English and as a typical Spanish stop when
switching to Spanish) with only minor mutual interaction. However, more recent studies on voiced and
voiceless stops in CS speech showed phonetic convergence between pairs of stops belonging to one
or the other of the two CS languages [5, 8, 20],
thus questioning earlier results that promoted the
idea of clear language system separations. More recently, researchers in automatic speech recognition
have turned attention to CS speech in order to test
their system’s automatic transcription and language
identification abilities [24, 25, 26].
This short review of CS studies shows that the CS
term covers a multi-faceted reality [4, 14, 10, 22],
not only with respect to the various speech types and
communication situations, but also regarding the addressed language pairs, studied linguistic levels and
methodological approaches.
This paper presents a study on French (FR) Algerian Arabic (AA) code-switched speech. We focus
on geminate consonants in CS speech making use
of a recent methodological approach [19]. Gemination is the process of consonant doubling [7]. Geminate consonants are mainly characterized by their
acoustic long duration compared their simple counterparts [15].
In this study, we investigate potential consonantal gemination in CS speech in AA and in French,
the latter may arise due to the influence of AA for
the bilingual speakers. To assess the influence of
CS on geminate production we compare the French
part of the CS speech with a French monolingual
spontaneous speech corpus with the aim of disentangling variation due to spontaneous speech and variation due to CS. The proposed work is realized with
the help of automatic speech alignment using simple/geminate consonants as a variation paradigm in
the pronunciation dictionary of the speech alignment
system. This experiment is followed by acoustic
analyses of consonantal duration in order to support
the alignment results.

Code switching (CS) is the practice of moving back
and forth between two languages in the same passage. This paper investigates consonantal variation
in an 8-hour corpus of spontaneous code-switched
French-Algerian Arabic speech. The study focuses
on production variation in Arabic geminate consonants for which Arabic has a phonological opposition with simple consonants. This may influence bilinguals’ production in French where this opposition does not exist. Experiments are realized
with the help of automatic speech alignment authorizing simple and geminate pronunciation variants.
The alignment system makes use of Arabic acoustic
models which also cover all consonants of French,
permitting investigation of simple/geminate variation in both languages. By associating the alignment results with acoustic measurements of consonant variation, this study shows that, the variation affects both French and Arabic simple consonants in code-switched speech with an average geminate variation of the simple consonants of 21.2% for
French and 22.4% for Arabic.
Keywords: Code-switching, consonant variation,
gemination, automatic speech alignment, French,
Arabic
1. INTRODUCTION
Code-switching (CS) consists of switching from one
language to another in the same speech turn. A large
body of research has been devoted to CS [6, 13, 14,
21], especially addressing lexical, syntactical and
morphological levels of CS. However, the acousticphonetic level has been less widely explored. Previous studies in phonetics, phonology and prosody
that focused on the influence of one language on
the production of the other one during switching often present diverging results across studies. Bullock
& Toribio’s [6] results suggest that speakers tend
to stick to the spoken languages’ standards (e.g. a
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2. FRENCH AND ALGERIAN ARABIC
CONSONANTAL SYSTEMS

Table 1: The most frequent AA geminates (75%
of geminate tokens) in the FACST corpus. Occurrence counts for their simple counterparts, in
AA/French CS data and in French NCCFr corpus.
Number of occurrences
AA
Fr
Cons
FACST
NCCFr
geminate
simple simple
simple
/l/
334
2820
7268
59227
/d/
141
950
4609
43497
/n/
138
2118
2867
27269
/s/
126
456
7072
77680

French and Algerian Arabic are phonologically distant languages. As, opposed to French, AA has a
very rich consonantal system and a reduced vowel
system. French is generally considered to comprise
21 consonants [9] with 6 stops and 6 fricatives, each
being either voiced or voiceless, four nasals, three
glides and two liquids /l/ and /K/. There are no
geminates in the French phonological system. However, gemination of French consonants may occur in
word contact situations such as "il l’aime", he loves
her, (which is different from "il aime" he loves) and
within words with double letter consonants "il mourrait" he would die to distinguish from "il mourait" he
died. However, such gemination processes in French
are considered to be marginal.
AA, a North African Arabic dialect with 27 consonants, has two more consonants than Modern
Standard Arabic (MSA): /p/ and /v/ [3]. AA and
French share 18 consonants /p, b, t, d, k, g, m, n, f,
v, s, z, S, Z, K/G, l, w, j/. The AA consonantal system covers all French consonants except the labialpalatal glide /4/ and the palatal and velar nasals /ï,N/,
the latter borrowed from English such as camping
and parking. The AA phonological system also features dental fricatives /T, D/ and emphatic counterparts of /t, d, s/, not present in French.
All AA consonants have a geminate counterpart.
The geminate consonants may appear in words that
form minimal pairs with respect to their simple consonant counterparts /batQ al/ hero, battQ al break a
habit. Often, they are just in phonetic opposition
with the simple consonants: /kabbar/ rise, /tQ lla/
round, /ssitta/ six. As in French, the AA dialect gives
rise to gemination processes, which occur more frequently than the French ones. As a typical example,
the coronal consonants are automatically geminated
after the article È @ the, the article’s consonant being assimilated to the following coronal. Beyond
the phonological status of geminates and gemination of consonants in Arabic, they are orthographi
cally marked by a diacritic called Shadda. The explicit transcription of geminates helps to count them
in speech providing information about the most produced consonants (see Section 4).

bilingual speakers, and a native French corpus of casual speech by monolinguals (NCCFr). The FACST
corpus [3, 2] contains a total of 8 h of speech with
CS in both French and Algerian Arabic from 20
speakers. The Nijmegen Corpus of Casual French
(NCCFr) provides a reference baseline for consonant variation in French spontaneous speech. The
corpus contains about 31h of conversational French
of 46 native speakers raised in Central/Northern
France [23].
3.2. Automatic speech alignment

To study consonant variation in CS speech, we used
the forced alignment paradigm which consists in
automatically time-aligning the manually produced
transcripts on the acoustic signal. Each word gets
one or several pronunciations to handle potential
production variants across repetitions and speakers. The acoustic models used to process the bilingual CS data consist of Arabic position-independent
monophone acoustic models similar to those described in [11, 12, 17, 18]. A monophone setup was
preferred as previous studies showed that large sets
of context-dependent acoustic models (as typically
used in speech recognition systems) tend to capture
systematic coarticulatory variation: there is less of a
need for the system to select different phone models
than the canonical ones [1, 19]. The forced alignment system locates word and phone boundaries
using the orthographic transcriptions and the best
matching pronunciations chosen among the variants
permitted in the dictionary. Hence, to study geminates and gemination variation, the alignment system is used with a pronunciation dictionary which
allows each geminate to be replaced by its corresponding simple counterpart and vice versa.

3. SPEECH MATERIAL AND ALIGNMENT
4. GEMINATES AND GEMINATION AS
CONSONANT VARIATION IN CS SPEECH

3.1. Speech material

These studies rely on two corpora, a French
Algerian-Arabic CS speech corpus (FACST) from

We start with a quantitative overview of geminates
in the Arabic subset of the FACST corpus. Table 1
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tained from the forced alignments.

shows the frequency counts of the most frequent
geminates in AA. For comparison, the frequency
counts of their simple counterparts in both AA and
French of the FACST CS speech, as well as those
of the monolingual French NCCFr corpus are also
shown. We did not include the rhotic geminate in
this study, although it is among the top 5 most frequent geminates. These consonants have a distinct
phonological class in AA and FR although their phonetic characteristics are the same [16]. It is interesting to note, that the geminates in Table 1 are the
coronals /ll, dd, nn, ss/ which each have more than
120 tokens. So, we limit our investigations on these
consonants, which are the most representative in our
data. Experiment 1 investigates simple consonant
gemination of AA and FR in CS speech as given
by the forced alignment method, using the Arabic
acoustic models. Table 2 lists the target consonants
and competing variants, i.e., the simple and geminate form for each consonant, and provides examples for both languages. In experiment 2, the same
protocol is applied to FR CS speech and FR monolingual speech, in order to compare productions in
both settings (bilingual vs native). Experiment 3 addresses the question of whether, and if so, how often,
geminates are simplified in spontaneous CS speech.
In this case, the target consonants are the AA geminates /ll, dd, nn, ss/ and their simple counterparts are
added as variants. This experiment is aimed at highlighting discrepancies between orthographic geminates as transcribed in the FACST corpus and the
aligned variants chosen during the forced alignment.

5.1. Gemination in French-AA in CS speech

Hereafter, we present gemination variant rates measured on simple consonants occurring both in AA
and FR CS speech. The overall gemination variant
Figure 1: Expt 1: consonant (simple) gemination
rates by target consonant in AA and FR CS speech

Figure 2: Average duration in (ms) of simple consonants in AA and FR CS speech. Circles: geminate variant selected (C → CC); triangles: remains
simple (C → C). Error bars give standard deviation.

Table 2: Competing variants for each target consonant and example lexical entries.
Targ. Var.
Examples
È /li/ (for) : [li], [lli] (AA)
[l]
[l, ll]
lu /lu/ (read) : [ly], [lly] (Fr)
P@ X /da:r/ (house) : [da:r],[dda:r](AA)
[d] [d, dd]
dent /dã/ (tooth) : [dã],[ddã](Fr)
PñK /nu:r/ (light) : [nu:r],[nnu:r](AA)
[n] [n, nn]
ne /ne/ (light) : [nu:r],[nnu:r] (Fr)
PA
 /sa:r/ (walked)[sa:r],[ssa:r] (AA)
[s]
[s, ss]
sept /set/ (seven)[set],[sset] (Fr)

rates are similar in both languages: 22.4% for AA
and 22.2% for FR, although there are differences
across consonants as shown in Figure 1. For AA,
the consonants /s,l/ have the highest variant rates
of about 25%, whereas only /s/ has a similar value
for FR. High gemination variant rates in AA are observed for /d,l/ with 21% and 25%. The consonant
with the lowest gemination variant rate is the nasal
/n/, with 19% and 16% of occurrences in AA and FR
respectively. Using the consonant durations, a positive correlation (r= +0.67) is measured between the
variant rates and the corresponding durations. Figure 2 shows that, with the exception of /s/ in AA, the
consonants most frequently labeled as the geminate
variant have a larger duration difference between the
simple and geminate labelled forms (r= +0.55).

5. RESULTS AND ANALYSIS
This section reports results for the 3 experiments
aiming at quantifying variation in the production
of simple and geminate consonants. The figures
provide the gemination (respectively simplification)
variant rates for each experiment. These rates are
supplemented by consonant duration results as ob-
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5.2. Gemination in French: comparing CS and monolingual speech

terpart are significantly shorter than those which remained labelled as geminates.

Comparing gemination variant rates between FR CS
and FR monolingual consonants in Figure 3, it can
be observed that the monolingual speech features
higher rates than the CS speech (χ 2 (2) = 8.01, p <
0.01). This somewhat unexpected results may suggest that the phonological gemination contrast plays
an important role in keeping the canonical pronunciations. The word and prosodic contexts of the gemination have not yet been examined. However, the
high variation in monolingual speech suggests that
these segments may have been stressed. The duration plots are shown in Figure 4.

Figure 5: Left: Simplification rates of AA geminates. Right: Average duration (ms) for simple C
variants given by triangles (CC → C); unchanged
geminates given by circles (CC → CC variation)

Figure 3: Expt 2: Gemination rates of simple Cs
in CS and monolingual French for each target C.

6. DISCUSSION
Three points can be mentioned based on this study.
First, the proposed method using automatic variant
alignment can help us study the variation of simple
and geminate consonants in large speech corpora.
The duration analysis confirms that the aligned gemination and simplification variant labels are highly
related to segment duration and that duration is a
solid, although not unique, criterion to study variation in consonant gemination.
The study also shows that gemination of simple
consonants, as revealed by our method, appears in
both FR and AA CS speech. However, AA is the
most affected by this variation because of the phonological distinction between simple consonants and
geminates. In our data, the consonants most concerned by this gemination variation are /d, s, l/. By
contrast, less gemination was observed for the nasal
consonant /n/ in both languages and in both corpora.
The FR monolingual speech also shows high gemination variant rates comparable to FR in CS.
Finally, the high simplification rates of geminate
consonants (> 40%) suggest further investigations
on a methodological level: acoustic models may be
biased in favor of simple consonants due to their
overwhelming presence in speech. On a linguistic
level, geminates may feature other correlates than
duration. Further studies are underway in an attempt
to understand production differences by monolingual and bilingual speakers.

Figure 4: Average duration (ms) of French simple
consonants in CS and monolingual speech. Circles: labelled as geminate variant (C → CC); triangles: (C → C) Error bars give standard deviation

5.3. AA geminate simplification in CS speech

Figure 5 shows the percentage of original AA geminates labelled as their simple consonant counterpart
along with the corresponding duration plots. The
simplification rates are seen to be higher than the
gemination rates in the previous figures which were
around 20%. Simplification is observed for all consonants, with rates ranging from 49% to 76%. The
largest simplification rate of 76% is measured for
/ss/ ’S’. The duration plot shows that the durations
of geminate tokens aligned with their simple coun-
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ABSTRACT
Previous theories of convergence either focus on the
motivation of convergence or address the autonomy
of convergence in a dialogue. However, neither of
them provides a clear mechanism of how
convergence occurs. The present study tries to answer
the question by proposing the exemplar-based
account of speech convergence. It argues that a
speaker’s distributions of sound properties keep
updating when he/she receives new input from the
environment, and the more salient a sound is, the
more it accommodates. An empirical study of Hong
Kong English (HKE) was conducted to examine the
account. Nineteen HKE speakers completed a map
task with an RP speaker and with a General American
English speaker separately for one hour. Their
production of THOUGHT and BATH vowels,
rhoticity, fricative /z/ and fricative /θ/ were examined
before, during and after the map tasks. Significant
convergence was found on rhoticity and fricative /z/,
which supported the predictions of the exemplarbased account.
Keywords: short-term accommodation, exemplar
theories, perception and production
1. INTRODUCTION

aiming to provide some preliminary thoughts on the
question. A convergence study on Hong Kong
English (HKE) is reported too.
2. THE EXEMPLAR-BASED APPROACH
The exemplar-based approach began in the 19th
century in psychology of memory and has been
adopted in many fields; for example, Johnson [3, 4]
in speech perception and Pierrehumbert [5, 6] in
speech production.
2.1. Exemplar models in speech perception

Johnson [3] suggests that categorisation is achieved
by comparing a new input item with each of the
remembered instances/exemplars of each category.
The similarity between the item and each exemplar
determines the activation level of the exemplar. The
greater the similarity, the higher the activation level.
The new item should be categorised as an example of
the category which has the highest activation level
after comparing it to other categories. When people
perceive speech from other speakers, social
categories (e.g. a speaker’s identity, gender and
accent) associated with specific phonetic properties
are also stored as part of a general learning process.
2.2. Exemplar models in speech production

Communication Accommodation Theory [1]
(henceforth CAT) has been a prevalent theory in
speech accommodation since the 1990s. It suggests
that people accommodate to each other in order to
shorten the social distance between them. As a theory
developed from social psychology, CAT tends to
explain why people accommodate instead of how
people accommodate. Pickering and Garrod [2]
proposed the interactive-alignment model, suggesting
that convergence is an automatic process in a
dialogue. Though the interactive-alignment model
indicated that alignment is achieved through “a
primitive and resource-free priming mechanism”, it is
still unclear that how exactly the priming mechanism
operates.
It seems that neither CAT nor the interactivealignment model could answer the question: how
does convergence occur? The present study adopts
the exemplar-based account of speech convergence,
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Pierrehumbert [5, 6] proposes an exemplar model of
speech production, trying to model a complete
perception-production loop based on exemplar
representation. In production, a cognitive concept
(e.g. I want to say “bath”) is created first, then the
signal passes down to production system to select the
relevant label. A random sampling of the exemplar
distribution is taken for the label. With the
neighbourhood region of the selected exemplar
activated, the average properties of the region form
the production goal.
Pierrehumbert [5, 6] extends Johnson’s exemplarbased perception model to production. Her model
consists of a complete perception-production loop.
This is an important step for studies like speech
accommodation, which makes it possible to explain
how perceptual input from the interlocutor affects a
speaker’s pronunciation.

2.3. Exemplar-based account of speech convergence

In an ideal situation, the exemplar-based account of
speech convergence proposes that a speaker starts
with his/her own property distributions of each
exemplar that he/she has developed based on the
previous experience. When the speaker talks to an
interlocutor, the distributions keep updating based on
the input. As the production goal is selected and
calculated from the updated distributions, the
speaker’s pronunciation should shift towards the
interlocutor’s. In this way, the speaker converges
towards the interlocutor. Although the classic study
of Goldinger [7] was designed to examine the
exemplar theory in speech imitation, Goldinger’s
study focused on the frequency effect and the role of
social factors was not considered.
In a real conversation, a speaker faces more
challenges than merely updating the distributions of
his properties. Social factors also play a role in the
updating process. For example, if a speaker associates
certain sounds with his regional identity, the updates
of these sounds might be inhibited when he wants to
signal his regional identity in the conversation.

shows pronunciations of the five variables in HKE,
RP and GenAmE respectively. The vowels were
chosen because they are pronounced differently in RP
and GenAmE. Rhoticity was chosen because HKE
does not have a consistent pattern of rhoticity. Some
HKE speakers carry rhoticity in their production
while some do not. The fricatives were selected
because they are typical features of HKE, where
fricatives /z/ and /θ/ are usually pronounced as [s] and
[f] in HKE.
Based on the exemplar-based account, the HKE
participants were expected to converge towards the
accent they were exposed to in the map tasks.
Table 1: Five variables of the study.

Variable

HKE

RP

THOUGHT
BATH
rhoticity
/z/
/θ/

[ɔ]
[a]
yes/no
[s]
[f]

[ɔ]
[ɑ:]
no
[z]
[θ]

Gen
AmE
[ɑ]
[æ]
yes
[z]
[θ]

Keywords
(e.g.)
cause, small
pass, bath
car, star
zoo, zero
three, thirty

3.3. Data analysis

3. A CASE OF HONG KONG ENGLISH
A study of HKE is reported here and the exemplarbased account is used to explain the results.19 HKE
speakers (12 females) who were studying in the UK
attended experiments. Their English proficiency was
range from IELTS 6.0 to 8.0. Two female RP
speakers and two female General American English
(henceforth GenAmE) speakers were recruited as
native interlocutors.
3.1. Experiment design

The HKE speakers completed a pre-task, a map task
and a post-task in a recording booth. In the pre-task
and the post-task, the participants were given three
maps and were asked to describe what they can see
on the maps. They completed these two tasks by
themselves in the recording booth. In the map task,
the HKE participants talked to a native speaker (either
with an RP speaker or with a GenAmE speaker). By
following the native interlocutor’s instructions, they
drew a route and corrected the wrong landmarks on
the maps. 10 participants talked to an RP speaker first
and then repeated the map task again with a GenAmE
speaker; the rest of the participants completed the
map tasks with the native speakers in a reverse order.
3.2. Variables

The variables for the study were the THOUGHT
vowel, BATH vowel, rhoticity, /z/ and /θ/. Table 1
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In total 14,009 target words containing THOUGHT
and BATH were annotated in Praat [8] for both the
HKE participants and the native interlocutors in the
three tasks. F1 and F2 values were extracted from the
midpoint of the annotated vowels using Praat scripts.
Labov’s method [9] was used for vowel
normalisation. For rhoticity, 9,568 words that contain
[ɹ] sounds in syllable-coda position were annotated.
For fricatives, 7,084 words containing /z/ and 6,730
words containing /θ/ in word-initial position were
annotated. An auditory judgement was made on each
annotated consonant by the author, and checked by
another trained phonetician from the University of
York. The agreement tests showed an 89% of
agreement for rhoticity, 93% for fricative /z/ and 78%
for fricative /θ/.
3.4. Result
3.4.1. Consonants

For consonantal variables, percentages of rhoticity,
fricative [z] and fricative [θ] were calculated in the
three tasks. Figure 1 shows the results for rhoticity.
From the pre-task to the map task, the HKE speakers
produced fewer rhotic words in the RP condition
(decreased by about 4%), whereas in the GenAmE
condition more rhotic words were produced
(increased by about 5%). Logistic mixed effects
regressions were run using a binary judgement of
rhoticity as the dependent variable. The full model

included task (pre, map, post), exposure (RP,
GenAmE), the interaction between task and exposure,
and participant sex as fixed effects. It also included
random intercepts by participant, by word (referred
to the words that contained the target vowels) and by
interlocutor, and random slopes by participant over
task, exposure and the interaction between task and
exposure. A nested model with task*exposure
removed was compared with the full model using
ANOVA. The results suggested that task*exposure
was a significant predictor (χ2= 9.79, DF = 2, p
= .007), indicating that the HKE participants changed
their rhoticity depending on the accents they were
exposed to.
Figure 1: Percentages of rhoticity across the three
tasks and two conditions. * indicates significant
comparisons based on post-hoc tests of regressions
at 0.05 level; ** indicates a significance at 0.01 level.
*
**

3.4.2. Vowels

For the THOUGHT and the BATH vowels, Euclidean
distances between the HKE participants and the
native interlocutors in the three tasks were calculated.
Linear mixed effects regressions were run using
Euclidean distance as the dependent variable for each
vowel. The fixed effects, random effects and random
slopes in the full model of the vowels are the same for
those in the full model of rhoticity. A nested model
with task*exposure removed was compared with the
full model.
For the THOUGHT vowel, the interaction of
task*exposure significantly improved the model fit,
indicating that the participants’ changes in Euclidean
distance from the pre-tasks to the map tasks in the RP
condition were significantly different from the
changes in the GenAmE condition. Post-hoc tests
suggested that no significant changes from the pretask to the map task/post-task were found in both
conditions.
For BATH vowel, task*exposure was not
significant, however, task was a significant predictor
in the model (χ2 = 19.028, DF = 2, p < .001). Post-hoc
tests suggested that significant divergence was found
from the pre-task to the map task in both conditions.
4. DISCUSSION

For the two fricatives, logistic mixed effects
regressions were run. In the full model of fricatives,
exposure was excluded from the fixed effects because
RP and GenAmE have the same realisation for
fricative /z/ and fricative /θ/. Therefore, the full model
contained task and sex as the fixed effects, it also
included random intercepts by participant, by word
and by interlocutor, and random slope by participant.
The results suggested a significant convergence on [z]
and a marginally significant divergence on [θ] from
the pre-task to the map task, as shown in Figure 2.
Figure 2: Percentages of fricatives across the three
tasks and two conditions. *** indicates a significant
comparison based on the post-hoc tests of regressions
at 0.001 level; × indicates a marginal significance.
•

**
*
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Although it is difficult to summarise a unique pattern
from the complex results above, there is some
evidence suggesting a correlation between the
salience of sounds and accommodation.
4.1. Salience and accommodation

Salience is defined as sounds which have a greater
phonetic difference between the HKE speaker’s
native repertoire and the native interlocutor’s
repertoire, and sounds which carry specific social
meanings in the present study.
In the current study, convergence was found on
rhoticity and fricative [z], but not on fricative [θ].
This might be due to rhoticity and fricative [z] having
a greater phonetic difference between HKE and
RP/GenAmE than fricative [θ]. Firstly, rhoticity is a
more salient feature compared to fricative [z] and
fricative [θ] for HKE speakers, because convergence
on rhoticity involves adding or deleting a phoneme
/-ɹ/, while convergence on the fricatives only involves
replacement.
Secondly, fricative [z] is more salient than
fricative [θ] for HKE speakers because the phonetic
differences between /z/-/s/ are larger than the
differences between /θ/-/f/. Jongman, Wayland and
Wong [10] found that /s/ and /z/ were significantly
different in duration, amplitude and spectral peaks,

whereas /f/ and /θ/ were similar in duration and
spectral peaks, and the main difference between /f/
and /θ/ was on F2 transition information only. The
HKE participants might be more easily to perceive
fricative [z] than fricative [θ] because the /s/-/z/
differences are larger than the /f/-/θ/ differences.
Babel [11,12] also suggests that people tend to
converge on the vowels which have a larger acousticphonetic distance from the model talkers.
Salience can also refer to sounds which carry
social meanings, for example, rhoticity. The HKE
speakers were found to converge towards the
RP/GenAmE speakers on rhoticity in the map tasks.
This might be also due to rhoticity/non-rhoticity
being a stereotype for American English/British
English. Instead of recognising that the [æ] vowel in
the word “bath” is a feature of GenAmE, it might be
easier for HKE speakers to associate rhoticity with
American English.

Figure 3: Illustration of the exemplar-based
account for convergence. The dotted and stripped
circles represent the categories of the consonants.
For example, the circles of [s] and [z] together
represent the distribution of the z-sound. The larger
the circle, the more likely the sound in the circle is
to be selected as the production goal. Each token of
input is represented by a red dot. The larger the dot
is, the greater weight it has during the update of
distribution.

4.2. The exemplar theories

If we adopt the exemplar-based account to explain the
accommodation of the consonants, three examples are
given in Figure 3. The HKE speaker in Figure 3 is
called Tim. Presumably before Tim arrives the UK,
he has established different distributions for fricative
/z/, fricative /θ/ and rhoticity after living in Hong
Kong for 24 years. For example, Tim has established
a category of voiceless [s] representing the HKE
variant, and a category of voiced [z] representing the
standard variant for the phoneme /z/. The [s]-category
would be more dominant at this point because he
would receive more input of [s].
When Tim talks to a GenAmE interlocutor in the
map task, his distribution of exemplars containing [z]
keeps updating and the probability of [z] being
selected for production increases because he is
receiving input of [z] from the GenAmE speaker.
According to the previous analysis of the salience
effect (degree of salience: rhoticity > fricative [z] >
fricative [θ]), the input of rhoticity would be weighted
greater than the input of fricatives [z] and [θ] for Tim,
which results in a larger change for rhoticity than for
the two fricatives. In addition, an analysis of the input
showed that the HKE participants on average
received more native tokens of rhoticity (mean = 266
tokens) and fricative [z] (mean = 187 tokens) from the
native interlocutors than the other sounds (mean <
140 tokens for the others). In other words, not only
the quality (e.g. weight) but also the quantity of the
rhotic input contribute to the convergence.
Moreover, the associated social-index label (e.g.
rhoticity – American English) would increase the
probability of rhoticity being selected as it also
contributes to a greater weight in the input.
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What the account could not explain is the divergence
of fricative /θ/. According to the account, the HKE
speakers should also show convergence in fricative
/θ/, yet, the result indicated a marginal divergence.
One possibility is that the HKE speakers might
perceive the fricative /θ/ as [f] due to the perceptual
bias affected by their L1-Cantonese, which might
instead increase the probability of [f] being selected.
This reveals one of the limits of the account, that is,
speakers do not necessarily perceive the input as
identical to what their interlocutors pronounce.
5. CONCLUSIONS
The present study reported a phonetic convergence
study of HKE towards RP/GenAmE and the
exemplar-based account was used to explain some of
the results. Supporting evidence was found on the
HKE participants’ convergence on rhoticity and
fricative [z].
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ABSTRACT
This paper presents a sociophonetic analysis of a
linguistic feature in the formation of a contact variety
in Hohhot, a Chinese immigrant city. The new mixed
variety was induced by contact between the local Jìndialect-speaking community and the Mandarinspeaking migrant community. The linguistic feature
examined was the insertion of a period of frication
(often [x]) after [ph, th, kh, h]. Linguistic production of
67 speakers (1957 tokens) from three generations of
the local and migrant communities were collected and
analyzed by perceptual coding (verified by acoustic
measurements). Results of mixed effects regression
show that this variable is constrained by both social
and linguistic factors. Typical Jìn speakers in the
older generation is significantly more likely to use the
[x] variants than non-Jìn-speaking migrants, while in
the middle and younger generation, when the contact
variety has formed, the two communities showed
convergence in their probability of using this
linguistic feature.
Keywords: dialect contact, sociophonetics, plosives
and fricatives, Mandarin varieties.
1. INTRODUCTION
The outcome of mixed varieties induced by
language/dialect contact has been studied at length in
contact linguistics and sociolinguistics. e.g. [11, 13,
12] The phonetic outcome resulting from the mixing
or convergence of different linguistic systems has
been found to be very complex in different
sociocultural scenarios. This paper examines a
situation where a linguistic feature is found in both
source dialects/languages in contact, but differs in
frequency of use. The locality examined is a Chinese
immigrant city, Hohhot. It is the provincial capital of
Inner Mongolia, located in north central China. The
urban area of Hohhot is considered to be composed of
the New Town and the Old Town. Residents of the
Old Town are mainly the locally-born community,
speaking a sub-variety of Jìn dialect, while residents
of the New Town are mostly migrants from all parts
of China, who arrived at Hohhot in the 1950s and
1960s because of government policy. Linguistically,
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they speak dialects from their original hometowns but
use Pǔtōnghuà (standard Mandarin) as a lingua franca
in Hohhot. This dialect contact situation between the
local and migrant communities led to the formation
of a new urban variety, Hū Pǔ 呼普 [8], or Hohhot
Pǔtōnghuà, which has absorbed linguistic elements
from both Jìn dialect and Pǔtōnghuà. This paper,
using a variationist sociolinguistic approach,
examines a linguistic variable in three generations of
the two communities in Hohhot.
The linguistic feature examined is the fricative
variable. That is, for the plosives [ph, th, kh] and the
glottal fricative [h], speakers in Hohhot tend to
produce them with a velar fricative [x] following.
This is, essentially, on the plosives, a period of
frication. [x] could also be realized as [χ] or [ç]
because of assimilation to different places of
articulation. This linguistic variable has not been
widely studied in previous literature. Some early
linguists such as Karlgren [7] and Chao [3] reported
this type of plosives in major Jìn-speaking areas,
while more recently, Hou [5] listed it as one of the
key features of Jìn dialects. However, this feature is
not unique in Jìn. Evidence from Karlgren [7] and
Duanmu [4] has shown that the feature of combining
[ph, th, kh,h] with the fricative [x] could also be heard
in Pǔtōnghuà and in non-Jìn areas like Beijing, but
maybe not as often as, or as noticeably as, in Jìnspeaking areas. Discussion of the linguistic and social
distribution of this feature in previous literature was
also limited. Chao [3] claimed that in this type of
plosive, aspiration was the major function, and the
insertion of fricatives [x] was only random. Duanmu
[4] reported that the [x] variants were often realised
before a back vowel, indicating a co-articulation
effect. However, the descriptions have traditionally
been only based on these linguists’ personal
observations.
This leads to the following questions of interests:
1) What is the linguistic constraints operating on this
fricative variable? Is it simply as what [3] has
described as random variation? Or is it a coarticulation effect proposed by [4] which only relates
to the place of articulation of the following vowel? 2)
Will this variable be conditioned by social factors?
Will the three generations of the migrant and the local

communities use this feature differently? And since
this feature may differ in frequency of use in Jìn
dialect and Pǔtōnghuà, what is the linguistic outcome
of dialect contact in Hū Pǔ?
2. METHOD
2.1 Participants

Data were collected from 67 speakers, with 35 from
the New Town and 32 from the Old Town.
Participants were evenly distributed between male
and female, and across three age groups: the older
(born in 1930-1941), mid-aged (born in 1949-1962)
and the younger generations (born in 1985-1995). All
participants were interviewed and recorded either at
their own homes or a quiet environment using a Sony
ICD-TX50 digital voice recorder.
2.2. Data collection

Twenty disyllabic words with [ph, th, kh, h] initial
sounds in the first syllables were selected as target
words 1 . As some of these words only existed in
colloquial, unwritten forms, speakers’ production of
the words were collected through a picture
description task and a scheduled interview to elicit
more natural linguistic data. Altogether 1957 tokens
were collected, and all tokens were extracted and
hand coded from the recordings using Praat [2].
2.3 Coding of linguistic data

For the plosives [ph, th, kh] tokens, the duration from
the burst of the plosive to the end of the fricative was
labeled as an interval. And for [h] tokens, the duration
of the entire fricative was labeled. An impressionistic
method was first applied on the coding of these tokens.
Each token was labeled by auditory analysis as
whether or not a period of frication, usually [x], was
heard in the production, which formed a binary
linguistic variable. The coding process, however, was
sometimes difficult because many of the tokens were
not straight-forward in terms of whether I could hear
a [x] or not. Therefore, some acoustic measurements
were then made in Praat in order to justify the
perceptual coding.
The following six acoustic measures were taken
for each token in Praat: 1) Center of gravity (hereafter,
COG), which is the average frequency of the entire
spectrum. 2) Standard deviation (hereafter, SD),
which indicates how far each frequency value is from
COG. By inspecting visually from the spectrograms,
the spectral energy is often concentrated at higher
frequencies for [x] variants, so they are expected to
have higher COG and SD values. 3) Skewness. 4)
Kurtosis. The measure of skewness and kurtosis are
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both related to the shape of the acoustic spectra of
fricatives. In the spectral slices for [h] tokens, the
amplitudes on the higher frequencies around 10kHz
often had an obvious drop, which makes the shape
more skewed and more different from a Gaussian
shape. Thus, [ph, th, kh, h] tokens were predicted to
have higher skewness and kurtosis values than the
corresponding [x] variants. 5) Normalized intensity,
which measures the amount of energy in the fricative.
The fricative [h] produced at the glottis is very
difficult to produce with a high amplitude, so the
intensity measures are likely to be higher for [x]
tokens. 6) Duration. [x] tokens are expected to be
longer, because there might be more acoustic energy
involved when the turbulent airflow was escaping
through a narrower channel [6].
All measures were made over the middle 60% of
the labeled interval of each token. To corroborate the
perceptual coding, a mixed effects regression model
was run to check whether these acoustic measures
were significantly correlated with the auditory coding
decisions. However, before doing this, it is worth
noticing that some of the acoustic measurement
values are likely to correlate with each other. In order
to avoid multicollinearity and reduce the dimension
of the six measures, a principal component analysis
(PCA) was run on these measures using the principal()
function in the psych package in R [9, 10]. The result
revealed four main factors 2 (see Table 1), which
explained 96% of the total variance. The first factor
PC1 is related to skewness and kurtosis. COG and SD
values have high loadings on PC4, while PC2 and
PC3 are related to normalized intensity and duration
respectively. The proportion of variance explained by
each factor is shown in the column Pro.V. Four PC
scores were then calculated for each token to
represent their acoustic values in these four aspects.
Table 1: Four acoustic measurement factors
revealed by PCA.

Factors
PC1
PC4
PC2
PC3

Representing acoustic features
skewness and kurtosis
COG and SD
normalized intensity
duration

Pro. V
31%
31%
17%
17%

Then, a binomial mixed-effects model was fitted
using the glmer() function in the lme4 library [1] in
R, with the perceptual coding as the dependent
variable. The four PC scores revealed by PCA were
tested as independent variables, as well as two
linguistic variables PHO (the phonemes [ph, th, kh or
h]) and FVOWEL (the following vowel [a, i, u, or ə]).
The outcome of the best-fit model is shown in Table
2, in which the four PC scores are all significantly
correlated with the auditory coding. The result

indicates that the auditory coding was justified and
could be used for further analysis.

intercept and a by-speaker random slope for PHO and
FVOWEL.

Table 2: Outcome of the best model for correlation
between auditory coding and acoustic measures.

Table 3: Output of the best model to explore the
linguistic and social constraints operating on the
fricative variation.

(Intercept)
FVOWEL_i
FVOWEL_ə
FVOWEL_u
PHO_h
PHO_p
PHO_t
PC1
PC2
PC3
PC4

Estimate
-3.21862
-8.35718
1.24373
1.23624
1.93128
0.61943
1.23901
-0.27315
1.34279
0.65606
0.60071

p-value
6.52e-08
0.00131
0.00184
0.00280
2.57e-05
0.24253
0.01466
0.00302
< 2e-16
4.61e-13
7.99e-09

***
***
***
***
***
*
**
***
***
***

3. STATISTICAL ANALYSIS
The perceptual coding data were used to investigate
the social and linguistic constraints operating on the
[x] variable. The 1957 tokens were hand fitted into
binomial mixed effects models in R. The dependent
variable was the [ph, th, kh, h] phonemes being
realized as [px, tx, kx, x], that is, with a period of
frication. The independent variables included both
social and linguistic factors. For linguistic factors, the
following vowel (FVOWEL) was included to test the
co-articulation effects proposed in [4], and the
phoneme itself was also included as a categorical
factor (PHO) to see whether [ph], [th], [kh] and [h]
tokens would behave differently. The twenty
disyllabic words tested in this study also showed
difference in their stress patterns, varying between a
weak-strong pattern (with checked tone in the first
syllable and full tone in the second syllable) and a
strong-weak pattern (with full tone in the first syllable
and neutral tone in the second syllable), so stress
pattern of each token (STRESS) was also tested as a
potential predictor. As for social factors, the effects
of AGE (age group), SEX, TOWN (new town or old
town), EDU (education level) were tested.
The model was hand-fitted using forward stepwise
selection, with pairwise model selection guided by
the Akaike Information Criterion. Speaker and word
were included as random intercepts. The best model
had the fixed effects of FVOWEL, a two-way
interaction between PHO and STRESS, and a threeway interaction between TOWN, SEX and AGE. For
random effects, the model had speaker as a random
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(Intercept)
PHO_h
PHO_p
PHO_t
STRESS_w-s
FVOWEL_ə
FVOWEL_i
FVOWEL_u
SEX_male
TOWN_old
AGE_mid
AGE_yng
PHO_h:STR_w-s
PHO_p:STR_w-s
PHO_t:STR_w-s
SEX_m:TOWN_
old:AGE_mid
SEX_m:TOWN_
old:AGE_yng

Estimate
-5.1316
2.3684
-1.1641
1.1186
0.6794
1.3858
-4.9442
0.2357
1.7479
4.687
2.9927
2.2657
-1.3622
0.7113
-0.1631

p-value
6.73E-05
1.25E-05
0.339269
0.063167
0.179753
0.031962
0.032886
0.711095
0.0854
2.30E-06
0.00086
0.016019
0.012848
0.561737
0.795384

4.6378

0.00195

**

4.4894

0.007692

**

***
***
.
*
*
.
***
***
*
*

The output of the best-fit model is presented in
Table 3. Plots of the effects of the main factors are
shown in Figures 1 and 2. The Y-axes in these plots
all represent the log odds of the probability of [ph, th,
kh, h] being realized as [px, tx, kx, x]. The larger the
number, the more likely that [x] tokens are realized.
The left plot in Figure 1 illustrates the effects of
the interaction between PHONEME and STRESS.
The phonemes [ph, th, kh] did not show a significant
difference in the weak-strong and strong-weak stress
patterns in terms of whether a [x] sound is involved.
However, for the [h] phoneme, it is more likely to be
pronounced as [x] in the strong syllables (p<0.05),
that is, in the case of a strong-weak stress pattern. This
is easily explained from the perspective of
articulation. It is more likely that the [h] phoneme is
realized as [x], which is more intense and “noisy”
acoustically, in a stressed and longer syllable.
The effect of FVOWEL is shown in the right plot
in Figure 1. As previously mentioned, [4] proposed
that the realization of [x] could be related to the
following back vowels, like [u]. From the results, [u]
significantly favors the [x] variants compared to the
front vowel [i] (p<0.05). Also, the vowel [a] is
behaving similarly with [u], and [ə] even favors [x]

significantly more than [u] (p<0.001). This mostly
support [4]’s arguments that [x] variants are favored
when followed by back vowels.
Figure 1: Plots of the effects of FVOWEL and the
interaction between PHONEME and STRESS for
the fricative variable.

However, the fricative variable is not simply a coarticulation effect, because the variation was also
found to be constrained by social factors in Hohhot.
In addition, no interaction was found between the
linguistic and social factors, which indicated that the
p, t, k, h tokens were behaving similarly in their social
distribution. The plots for the three-way interaction
between TOWN, SEX and AGE are shown in Figure
2. The X-axes are the three age groups or generations
so that we could see the change in this variable over
time clearly. The black lines refer to the New Town
speakers, and the gray lines represent the Old Town
speakers. The two plots show the results from female
and male speakers respectively.
Figure 2: Plots of the 3-way interaction between
TOWN, SEX and AGE for the fricative variable.

For the female speakers (the left plot in Figure 2),
the pattern of the fricative variable shows clearly a
converging trend. The older generation of Old Town
residents, who are mostly Jìn speakers, are
significantly more likely to produce the [x] variants,
whereas the older speakers from the migrant
community are significantly less likely to produce
this feature (p<0.001). This result also provides direct
evidence for the frequent use of [px, tx, kx, x] as a Jìn
feature, which supports the early linguists’
observation [7, 3]. When it comes to the second and
third generations, speakers from the Old Town and
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the New Town seem to have converged to each other
and show a similar likelihood of using the [x] variants.
The male speakers, as shown in the right plot in
Figure 2, presents a different pattern. The older group
speakers from New Town and Old Town do not show
a significant difference in their fricative variation.
This doesn’t necessarily indicate that this feature is
chiefly associated with female speakers, but may
relate to the fact that I failed to find any older male
participants living in the Old Town due to the limit of
my social networks. Instead, I interviewed several
older Jìn speakers who grew up in the Old Town but
later moved to New Town. Many of them were
professors from a local university, whose
pronunciation may have changed and converged to
New Town speakers due to their social networks and
higher educational level. The convergence pattern
continues in the mid-aged male speakers, in which
New Town and Old Town speakers show a similar
probability of using the [x] variants. However, the
younger speakers present some changing trends. For
the New Town speakers, the younger group is
significantly less likely to use the Jìn form compared
to the mid-aged group (p<0.05). It seems that the New
Town younger group speakers are leading the change
to reduce the use of the [x] variants, and the Old Town
younger group speakers are conforming to this trend.
4. CONCLUSION
The fricative variation results show that this
variable is not a haphazard or random insertion of [x]
as suggested by [3]. The feature is found to be
strongly favored before back vowels, which supports
[4]’s claim, but it is not simply a co-articulation effect
since social factors also come into play. The typical
Jìn speakers in the Old Town are significantly more
likely to use the [x] variants than the first-generation
migrants in the New Town, which further proves the
claim that the frequent use of [px, tx, kx, x] is a Jìn
feature. The language change pattern indicates that in
the mid-aged and younger generation, when the
mixed variety has formed, speakers from New Town
and Old Town have converged and reached a similar
probability of using the [x] variants, which is also the
phonetic outcome of this variable in the mixed variety
Hū Pǔ. The method of using auditory coding
corroborated by acoustic measures of this variable
was proved to be successful in this study, and could
be used in future studies to explore this feature in a
broader linguistic context.
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This paper is a part of a larger sociolinguistic project
looking at a set of disyllabic words in Hohhot, so the [ph,
th, kh, h] tokens were only examined in these selected
words, but not in a broader linguistic environment.

The decision was made by considering results of several
statistical criteria including scree plot, parallel analysis,
Minimum Average Partial criterion (MAP), and Very
Simple Structure Criterion (VSS).
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ABSTRACT
In the present study, Japanese speakers’ perception of
English vowels /æ/, /ʌ/, and /ɑ/ was examined.
According to the Perceptual Assimilation Model [1,
2, 3], discriminating the /ʌ/-/ɑ/ contrast should be
more difficult than the /æ/-/ʌ/ contrast, although all
three vowels are categorized as a single vowel /a/ in
Japanese. In the experiment, an identification test
with a resynthesized stimulus continuum of vowels
varying in F2 was given to both Japanese and English
speakers. Based on the results, three stimuli of
English /æ/, /ʌ/, and /ɑ/ for which acoustic distance
was controlled were selected and used for a
discrimination test. The results demonstrated that
while English speakers discriminated both the /æ/-/ʌ/
and /ʌ/-/ɑ/ contrasts equally well, discriminating the
/ʌ/-/ɑ/ contrast was more difficult than the /æ/-/ʌ/
contrast for Japanese speakers. That is because
English /ʌ/ and /ɑ/ were equally good exemplars of
Japanese /a/, compared to the English /æ/-/ʌ/ contrast.
Keywords: perceptual assimilation, non-native
vowels, Japanese speakers, discrimination
1. INTRODUCTION
Identifying and discriminating non-native phonemes
are often difficult for any language speakers.
However, the degree of the difficulty in
discriminating non-native phonemes can be predicted.
According to the Perceptual Assimilation Model
(PAM) [1, 2, 3], when people perceive unfamiliar
non-native phonemes, they tend to assimilate them
into the most articulatorily similar first-language (L1)
phonemes, and therefore the discriminability of nonnative phonemes depends on the listeners’ L1
phonemic categories. For example, when listeners
assimilate two non-native phonemes into two
different L1 phonemes, i.e., Two-Category (TC)
assimilation type in PAM terms, it will be easy for
listeners to discriminate them. On the other hand,
when listeners assimilate two non-native phonemes
into one L1 phonemic category, discriminating those
phonemes will be harder. If the two phonemes are
equally good exemplars of a single L1 phoneme, i.e.,
Single-Category
(SC)
assimilation
type,
discrimination will be difficult. However, if the
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similarity to an L1 phoneme is different between the
two non-native phonemes, i.e., Category-Goodness
(CG) assimilation type, discriminating those two
phonemes will be relatively easy.
For decades since the PAM was established,
much research has been conducted to examine the
prediction of the discriminability based on the
assimilation patterns for consonant [4, 5, 8, 10, 19]
and vowel perception [6, 7, 12, 13, 17, 18, 20]. For
example, Japanese speakers often judge the most
similar Japanese vowel for each of English /æ/, /ʌ/,
and /ɑ/ is Japanese /a/ [12, 17], and vowel contrasts
which belong to the CG assimilation type are easier
to discriminate than vowel contrasts which belong to
the SC assimilation type [12]. However, since the
stimuli used in Lengeris [12] were natural recordings,
the acoustic distance between the vowel stimuli was
not controlled for. Therefore, the discriminability
may not be attributed only to the listener’s phonetic
perception, but it may also be affected by the acoustic
differences in the stimuli. Although many studies
have been conducted using synthetic or resynthesized
stimuli [9, 14], none of them have examined Japanese
speakers’ perception of the English /æ/, /ʌ/, and /ɑ/
vowels for which acoustic distance was controlled.
The present study examined Japanese speakers’
discrimination accuracy of English /æ/, /ʌ/, and /ɑ/
vowels for which acoustic cues were manipulated.
Using resynthesized stimuli, the perceptual
assimilation patterns for both the /æ/-/ʌ/ contrast and
the /ʌ/-/ɑ/ contrast were examined with an
identification test with goodness rating first, and
discrimination accuracy for each vowel contrast was
investigated for both English and Japanese speakers.
Following the PAM, it was hypothesized that if the
/æ/-/ʌ/ contrast belongs to the CG assimilation type
and the /ʌ/-/ɑ/ contrast belongs to the SC assimilation
type [12], the /ʌ/-/ɑ/ contrast should be more difficult
to discriminate than the /æ/-/ʌ/ contrast.
2. METHOD
2.1. Participants

Thirty Japanese speakers were recruited at Waseda
University, Tokyo Japan, and 27 American English
speakers participated at the University of Delaware in
the U.S. The Japanese subjects were native

monolingual speakers of Japanese (15 females, 15
males) aged from 18 to 24 years (M = 20.2, SD = 1.49),
and the U.S. subjects were monolingual English
speakers (25 females, 2 male) aged from 18 to 22
years (M = 19.6, SD = 1.21). All participants reported
no history of speech or hearing impairments; no
experience living outside their own countries for
more than two months; with both parents also being
the same native language speakers as the participants;
and speaking only their native language in daily life.
2.2. Stimuli

Using LPC analysis and resynthesis in Praat, a
stimulus continuum varying in the F2 frequency was
created. Neutral LPC residuals from a female speaker
with the duration of 308 ms and 138 ms were filtered
with stable formant information, F1 at 979 Hz, F3 at
2886 Hz, and F4 at 4151 Hz. F2 was set at 995 Hz for
a front vowel and set at 2698 Hz for a back vowel. F2
frequency was then interpolated between the two
vowels into 66 stimuli in Hertz. The fundamental
frequency was 220 Hz, and the stimuli with 308 ms
were used for the identification test. The stimuli with
138 ms were used for the discrimination test.
2.3. Procedure

2.3.1. Identification with goodness rating
In the first identification task, participants randomly
heard 66 stimuli from the stimulus continuum. For
American English speakers tested in Delaware, five
words (head, had, hud, hod, hawed) were displayed
on the screen. Participants clicked on the one which
included the vowel they thought they heard, then gave
a 7-point goodness rating for each token (1 for worst,
7 for best). It should be noted that English speakers in
Delaware often do not make a distinction between /ɑ/
and /ɔ/ [11]. For Japanese speakers, three Japanese
moraic letters such as ‘へ’ /he/, ‘は’ /ha/, and ‘ほ’
/ho/ were displayed. Japanese speakers then clicked
on the letter which included the Japanese vowel they
thought they heard, and gave a goodness rating.
Based on the results of the identification test with
goodness rating, three stimuli were selected for the
subsequent discrimination test. Each of those three
stimuli was identified as /æ/, /ʌ/, or /ɑ/ (or /ɔ/) for
English speakers, but all of them were identified as
Japanese /a/ for Japanese speakers (see the Result
section 3.1). In addition, to test the hypothesis based
on the PAM (SC vs. CG assimilation type), goodness
rating results were taken into account for the stimuli
selection. The selected English /ʌ/-/ɑ/ stimuli were
equally good exemplars of Japanese /a/ (SC
assimilation type), and therefore, should be hard to
discriminate. On the other hand, English /æ/ and /ʌ/
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were not equally good exemplars of Japanese /a/, thus
easier to discriminate (CG assimilation type; see the
Results section 3.1). The acoustic distance between
/æ/ and /ʌ/ in F2 was set to be the same as the one
between /ʌ/ and /ɑ/ in Hertz (but not in Bark scale).
Sixty-six stimuli repeated four times each provided
participants with 264 trials in this identification task.
2.3.2. Discrimination
Participants who took the identification test also
participated in the discrimination test. However, only
21 Japanese speakers out of 30 took the
discrimination test.
Both English speakers’ and Japanese speakers’
discrimination accuracies of the two stimulus pairs
(i.e., /æ/ vs. /ʌ/, /ʌ/ vs. /ɑ/) were measured. Numbers
1, 2, and 3 were displayed on the screen, and
participants heard three stimuli from either of the two
stimulus pairs with a 1.2 sec interstimulus interval
(ISI). They were asked to click on the one which
sounded different from the other two stimuli. Since
the F2 difference in Hertz between two stimuli was
the same between the two stimulus pairs, the
discriminability should be acoustically the same.
However, discriminating the /ʌ/-/ɑ/ contrast was
hypothesized to be more difficult than the /æ/-/ʌ/
contrast, due to the perceptual assimilation type
difference (i.e., CG vs. SC). Participants had 72 trials
for this discrimination task in total (2 stimulus pairs *
3 positions of correct answers * for both vowels * 6
repetitions of each token).
3. RESULTS
3.1. Identification with goodness rating

Figure 1 displays American English speakers’
identification of the 66 stimulus continuum. Since 11
out of 27 English-speaking participants reported they
do not have a distinction between English /ɑ/ and /ɔ/,
the identification rates for those two vowels were
combined. Stimuli with higher F2 were identified as
front vowels (i.e., /e/ and /æ/), and stimuli with lower
F2 were identified as back vowels (i.e., /ɑ/ and /ɔ/).
English speakers identified the stimuli with F2 from
1571 Hz to 1807 Hz as the English vowel /ʌ/ more
frequently than the other vowel stimuli.
Figure 2 displays the identification of the 66
stimuli from the continuum by Japanese speakers.
Stimuli with higher F2 were identified as Japanese /e/,
and stimuli with lower F2 were identified as Japanese
/o/. Japanese speakers identified the stimuli with F2
from 1415 Hz to 2070 Hz as Japanese /a/, more
frequently than /e/ and /o/.
Based on the identification results, we selected
three vowel stimuli for the subsequent discrimination

test. Those stimuli were identified as /æ/, /ʌ/, and /ɑ/
(or /ɔ/) by native English speakers, whereas all of
them were categorized as Japanese /a/ by Japanese
speakers. The F2 frequencies of the three stimuli were
2017 Hz, 1755 Hz, and 1493 Hz, respectively.
Figure 1: Identification of the 66 stimulus
continuum of vowels varying in F2 by English
speakers. The dashed lines represent the F2
frequencies of the three stimuli selected for the
subsequent discrimination test.

selected vowel. A linear mixed effects model was
used for the analysis of the goodness rating, and
rating 0 (not identified) was added after the
experiment for this statistical analysis. The fixed
factors were phoneme (identified as /e/, /a/, /o/),
stimulus (three levels with F2 at 2017 Hz, 1755 Hz,
1493 Hz), and the interaction of phoneme and
stimulus. The random factor was the intercept of
Japanese participants. The results demonstrated that
there were significant main effects of phoneme, χ2(2)
= 153.44, p < .001, and of stimulus, χ2(2) = 8.22, p
= .016. The significant interaction of phoneme and
stimulus, χ2(4) = 72.29, p < .001, suggests that
Japanese participants gave a different goodness rating
for each stimulus as a Japanese vowel according to F2.
Figure 3: Goodness rating of the selected three
stimuli (F2: 2017 Hz, 1755 Hz, 1493 Hz) as
Japanese vowels (/e/, /a/, /o/) given by Japanese
speakers.

Figure 2: Identification of the 66 stimulus
continuum of vowels varying in F2 by Japanese
speakers. The dashed lines represent the F2
frequencies of the three stimuli selected for the
subsequent discrimination test.

Figure 3 displays the goodness rating of these three
stimuli as Japanese vowels judged by Japanese
speakers. After Japanese participants identified each
of 66 stimuli as either of /e/, /a/, or /o/, they gave a
goodness rating (1 for worst, 7 for best) as the
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Post-hoc analyses were conducted only for the stimuli
identified as Japanese /a/. The results demonstrated
that there was a significant difference in the goodness
rating as Japanese /a/ between those three stimuli,
χ2(2) = 9.59, p < .01. Pairwise comparisons for
stimulus (2017 Hz vs. 1755 Hz, 1755 Hz vs. 1493 Hz)
showed that there was no significant difference in the
goodness rating as Japanese /a/ between stimulus with
F2 at 1755 Hz and the one with F2 at 1493 Hz, χ2(1)
= 1.18, p > .05. However, there was a significant
difference in the goodness rating as Japanese /a/
between the stimulus with F2 at 2017 Hz and the one
with F2 at 1755 Hz, χ2(1) = 4.85, p = .028. These
results suggest that the stimulus with F2 at 2017 Hz
was perceived as the worse exemplar of Japanese /a/
than was the one with 1755 Hz (CG assimilation type),
but stimulus with F2 at 1493 Hz was an equally good
exemplar of Japanese /a/ as the one with 1755 Hz (SC
assimilation type). Although the acoustic distance

between the /æ/ and /ʌ/ stimuli was the same as that
between the /ʌ/ and /ɑ/ stimuli in F2 (Hertz), the
phonetic perceptual assimilation type was different
between those two stimulus pairs.
3.2. Discrimination

Figure 4 displays the discrimination accuracy of the
two stimulus pairs (i.e., the /æ/-/ʌ/ contrast, the /ʌ/-/ɑ/
contrast) by American English speakers and Japanese
speakers. A logistic mixed effects model based on the
correct/incorrect binomial responses was used for this
analysis. The fixed factors were language group
(English speakers, Japanese speakers), stimulus pair
(/æ/ vs. /ʌ/, /ʌ/ vs. /ɑ/), and the interaction of language
group and stimulus pair. The random factors were the
intercepts of subject and stimulus. The logistic mixed
effects model demonstrated that there was no
significant main effect of language group, χ2(1) =
1.34, p > .05, or stimulus pair, χ2(1) = 0.05, p > .05.
However, the interaction between language group and
stimulus pair was significant, χ2(1) = 17.69, p < .001,
suggesting that the discrimination accuracy was
different between the two stimulus pairs for Japanese
speakers, compared to English speakers. That is,
discriminating the /ʌ/-/ɑ/ contrast was more difficult
than the /æ/-/ʌ/ contrast for Japanese speakers,
whereas such difference was not observed among
English speakers.
Figure 4: Discrimination accuracies of the two
English vowel contrasts (/æ/ vs. /ʌ/, /ʌ/ vs. /ɑ/) by
American English speakers and Japanese speakers.

belong to three different English vowel categories,
/æ/, /ʌ/, and /ɑ/ but identified as a single Japanese /a/
were selected for a subsequent discrimination test.
The discrimination test results demonstrated that
English speakers discriminated both the /æ/-/ʌ/ and
/ʌ/-/ɑ/ contrasts equally well, whereas Japanese
speakers had more difficulty discriminating the /ʌ//ɑ/ contrast than the /æ/-/ʌ/ contrast, even though the
acoustic distance between two stimuli was the same
in both pairs.
The difference in the discrimination accuracy
between English and Japanese speakers can be
attributed to their L1 vowel categories. On the one
hand, English speakers have the three vowels /æ/, /ʌ/,
and /ɑ/ as different English phonemes; consequently
they should be able to discriminate both the /æ/-/ʌ/
and /ʌ/-/ɑ/ contrasts well. However, for Japanese
speakers, all the sounds are categorized as a single
Japanese /a/ vowel. As described in Introduction,
according to the Perceptual Assimilation Model [1, 2,
3], if two non-native phonemes are equally good
exemplars of a single L1 phoneme (i.e., SC
assimilation type), its discrimination is predicted to
be difficult. However, if the goodness rating as an L1
phoneme is different for the two non-native
phonemes (i.e., CG assimilation type), its
discrimination should be relatively easy. This was
confirmed by the current experiment. Japanese
speakers judged the most similar L1 vowel for each
of English /æ/, /ʌ/, and /ɑ/ was Japanese /a/.
Nevertheless, the goodness rating results showed that
English /ʌ/ and /ɑ/ were equally good exemplars of
Japanese /a/ for Japanese speakers (SC assimilation
type), but English /æ/ and /ʌ/ were significantly
different in the goodness rating as exemplars of
Japanese /a/ (CG assimilation type). Therefore, the
/ʌ/-/ɑ/ contrast was more difficult for Japanese
speakers to discriminate than the /æ/-/ʌ/ contrast.
As the PAM posits, if the phonetic-perceptual
difference from the L1 phoneme influences the
perception of non-native phoneme contrasts, the
discrimination accuracy should be different based on
the three stimuli selected. In order to thoroughly test
the effects of perceptual assimilation, we should
expand the range of stimuli with more acoustic
parameters, as well as testing the relevant theoretical
frameworks such as the Natural Referent Vowel
(NRV) framework [15, 16, 20].
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ABSTRACT
This study introduces novel metrics (VCI and VSE)
that measure the centrality of L2 speakers’ vowel
space. The features are intended to capture the
tendency of L2 speakers’ passive articulation and its
consequence of shrunk vowel space. A set of English
read speech data, produced by native and Korean EFL
speakers, was used to test the validity of the features.
For a statistical analysis, the Mixed Effects Models
were fit with the language groups, including three
EFL proficiency levels and a native group, as the
fixed effect variable. The result indicated that the

features facilitated a significant differentiation
between L1 and L2 speech while the distinction
among proficiency levels was not obvious. It is
suggested that the proposed metrics are
practically implemented as features for
automated assessment or classification of nonnative speech.
Keywords: Formant frequency, vowel space, L1-L2
classification, automated evaluation
1. INTRODUCTION
It is widely admitted that the formant frequency of a
vowel, among other features, is the critical
information in vowel recognition. Especially, the first
formant (F1) and the second formant (F2) are known
to cover the most relevant cues to vowel distinction,
which are height and backness of the articulator.
Due to various differences in L1 and L2 speech,
learners have difficulty producing correct segments
of the target language they learn. In L2 speakers’
vowel production, there are two distinct
characteristics that cause incorrect pronunciations:
first, interference of the speaker’s L1 vowel system
and, second, passive gesture of articulators. The
former is hard to measure and predict considering
diverse language specific vowel inventories while the
latter is a general property of L2 speech. Thus,
attempts have been made to demonstrate the
characteristics of L2 speech vowel space including
the case of Korean EFL (KE) speech. [1] found that
English vowels produced by KE speakers are more
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variable than those by natives implying that the vowel
space of L2 has become flexible as compared to L1.
[2] demonstrated that the vertical space of KE speech
was considerably shrunk as compared to native
English speakers (NE). It was also found in [3] that
KE pronunciation has lax vowels less centralized than
NE speech due probably to a tendency not to reduce
vowels in unstressed syllables. Although these
studies are in agreement when demonstrating the KE
vowel characteristics, a concrete numerical measure
that can be applied to automated L1-L2 distinction or
L2 assessment has not been developed. Another
restriction of these studies is that their conclusion was
based on experiments with a relatively small set of
controlled data, with less than two hundred tokens.
There was an effort as in [4] to quantify vowel
characteristics in Hebrew and Arabic using the
Euclidean distance measure. Also, for American
English, the metrics for vowel space area (VSA) were
used in detecting the degree of vowel centralization
of the impaired speech. These metrics were based on
the polygon shape using three or four corner vowels
such as /iy/, /uw/, /ae/ and /aa/ [5]. However, their
intention was to conduct L1 vowel comparison
focusing on quantifying the degree of vowel
reduction of unstressed syllables in continuous
speech.
Filling the gap of the previous research, the
current study aims to introduce new metrics (VCI and
VSE) that can be used for enabling L1-L2 vowel
space differentiation. The proposed metrics of vowel
space centrality are intended to be directly
implemented to an automated system of L2
pronunciation evaluation or L1-L2 distinction. In
order to achieve this goal the metrics will be tested
with a relatively large amount of L1-L2 parallel data
tokens.
2. PROCEDURE
2.1. Data

For the analysis, we used part of a L1-L2 parallel data
set constructed in previous research [6]. The current
data comprise a set of 108 sentences read by each of
8 native English speakers and 18 Korean EFL
learners which are classified into three proficiency

groups: Advanced, High Intermediate and
Intermediate, based on such criteria as self-assessed
confidence, the length of learning English and the
length of experience in English speaking countries.
The ratio of males and females are balanced in each
group, except Advanced that includes 1 male and 5
female speakers. The format of sentences varies
including declarative, interrogative, exclamation,
imperative and tagged questions. The data are
provided with CMUbet phone labels whose
boundaries were demarcated through the GMMbased processing of forced alignment. Despite some
obvious auto-segmentation errors, no manual
adjustment was attempted so that the validity of
proposed features could be tested for automated
evaluation.
2.2. L1 and L2 Formants

As the new metrics are defined in terms of the first
two formants of each vowel, extraction of F1 and F2
is an essential process. From each phone label, two
formant frequencies were extracted using functions
available in Praat [7], designating a gender specific
limit of maximum frequency such as 5000 Hz for
male speech and 5500 for female speech. From each
vowel interval, only 40% of the total duration located
in the middle was used for calculating average F1 and
F2 values. This is an effort to exclude transition
periods on both sides of vowel onset and offset. The
most and least frequent vowel was /ax/ (3734) and
/uh/ (520), respectively.
Table 1 and Figure 1 demonstrate a rough
comparison between NE and KE formants. Regarding
F1, there is a general tendency that KE has a lower F1
for non-high vowels, reflecting that the jaw does not
move as low as NE, which can also be interpreted as
a passive articulatory gesture. Meanwhile, F2 seems
to vary depending upon interaction between factors of
nativity and gender. To sum, it can be inferred that the
vowel space of speakers can be differentiated or
predicted based on speaker’s nativity.
Table 1: Compared distribution formants. ‘+’
means the formant value of NE is greater than KE;
‘-‘ means the opposite. The blank means no
significant difference between two samples.
Significance scale: * <.05, **<.01, ***<.001.

F1
vowel
iy
ih
ey
eh
ae

MALE
NE-KE
Sig.
**
+
***
0
+
***
+
***

FEMALE
NE-KE
Sig.
***
0
+
*
+
***
+
***
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ax
aa
ao
ow
uh
uw

0
+
+
+
0
0

F2
vowel
iy
ih
ey
eh
ae
ax
aa
ao
ow
uh
uw

***
***
***
0

MALE
NE-KE
Sig
*
***
**
***
***
***
0
0
***
+
***
0

0
+
+
0
0
0

***
***

FEMALE
NE-KE
Sig
+
***
+
***
+
***
0
0
0
0
0
0
+
***
+
**

3. VOWEL SPACE MEASURES
Based on the previously described observations on F1
and F2, new features for NE-KE distinction were
contrived. First, Vowel Centrality Index (VCI)
captures differences between NE and KE in that NE
space has more flexibility of lax vowels as they are
frequently reduced to a schwa-like centralized
position. Second, Vowel Space Eccentricity (VSE)
differentiates NE and KE through overall shape of the
vowel space.
To compute shape or position based features,
reference points should be designated. The three
vowels /iy/, /ow/ and /aa/ were found to be positioned
at the edge of the vowel space and, consequently, had
the maximum and minimum values for F1 and F2,
respectively. Thus, these vowels were regarded as
reference in the current study.
Figure 1: The mean values of each vowel in
inversed F1-F2 plane.

3.1. Vowel Centrality Index

Only F2 values are relevant for this measure. Above
all, the two vowels /iy/ and /ow/ of L1 are employed
as anchor points. VCI of an individual vowel can be
computed as shown in (2). In the case of NE-KE
comparison, VCI of the two lax vowels /ih/ and /uh/
are calculated as they are the most radically reduced
vowels in NE speech while no such reduction occurs
in KE speech. The formula (2) represents the
procedure of calculating VCI of a vowel.

(3) 𝐸 = √1 −

𝑏2
,
𝑎2

2

𝑉𝑆𝐸 = √1 −

(𝜇𝑓1(𝑎𝑎) −𝜇𝑓1(𝑖𝑦) )

2

(𝜇𝑓2(𝑖𝑦) −𝜇𝑓2(𝑜𝑤) )

where μ𝑓1(𝑣) 𝑑𝑒𝑛𝑜𝑡𝑒𝑠 𝑡ℎ𝑒 𝑓1 𝑚𝑒𝑎𝑛 𝑣𝑎𝑙𝑢𝑒𝑠 𝑜𝑓 𝑣 𝑎𝑛𝑑 μ𝑓2(𝑣)

It can be hypothesized that the VSE values in Korean
learners’ speech are lower than that of English native
speakers.
3.3. Validity Check

(1) 𝑀𝐴𝑋𝑓2 = 𝜇𝑓2(𝑖𝑦) , 𝑀𝐼𝑁𝑓2 = 𝜇𝑓2(𝑜𝑤)
(2) 𝑉𝐶𝐼(𝑣) =

𝜇𝑓2(𝑣) −𝑀𝐼𝑁𝑓2

𝑀𝐴𝑋𝑓2 −𝑀𝐼𝑁𝑓2
𝑤ℎ𝑒𝑟𝑒 μ𝑓2(𝑣) 𝑑𝑒𝑛𝑜𝑡𝑒𝑠 𝑡ℎ𝑒 𝑓2 𝑚𝑒𝑎𝑛 𝑣𝑎𝑙𝑢𝑒𝑠 𝑜𝑓 𝑣

When a vowel is fully reduced and positioned at the
center of the vowel space, its VCI will be 0.5. The
VCI approaches closer to 1 when it gets near the
vowel /iy/, and 0 when near /ow/. For example, for
the /ih/ vowel, its VCI value of KE would be higher
than that of natives because of the less centralized
tendency of L2. Conversely, for the /uh/ vowel, its
values would be lower than that of natives.
3.2. Vowel Space Eccentricity

As for F1, the maximum and minimum values are on
/aa/ and /ih/ among the native vowels. On the contrary,
as shown in Figure 1, KE vowel space has tilted up in
general. It can be described that if NE vowel shape
were to be compared in the form of a circle, KE would
be more like an ellipse as simulated in Figure 2.
Figure 2: From the /iy/-/ow/ in horizontal distance
and /iy/-/aa/ in vertical distance, comprehensive
oval shapes are driven in vowel space.

Based on this point, we formed the feature VSE. To
compute the eccentricity of an oval, both vertical and
horizontal anchor points are necessary. Again the
edge vowels /iy/ and /ow/ were used for reference F2
values, while the lowest vowel /aa/ was employed to
get a reference point of F1. The formula to obtain
VSE based on this procedure can be described as (3).
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To test validity of these two measures, VCI and VSE,
a Mixed Effect Model was fit with these metrics as
response variables and speaker information as a
random effect variable while gender and language
groups (L1 and L2) and proficiency groups (NE, AD,
IH and IM) were set as fixed effects.
4. RESULTS AND DISCUSSION
The summarized results of statistical significance are
given in Table 2.
Table 2: The result of LME. Specific features of
VCI-EY and VCI-UW are excluded as they are not
designated boundary measures.

LME
VSE
VCI-IH
VCI-UH

Gender Language Proficiency
*
**
***
***
***
***

Four vowels were tested to check whether VCI
successfully discriminates language groups. Above
all, there was no gender effect. Language and
proficiency effects were confirmed when vowels /ih/
and /uh/ were given, meaning that KE speech did not
reduce the lax vowels as much as native speech. VSE
was also effective in discrimination of Language and
Proficiency groups. Subsequent Post Hoc tests further
reveal that groups NE and IM were the only
proficiency pair significantly differentiated from each
other by VSE. On the other hand, the two VCI
features VCI-IH and VCI-UH were able to
differentiate NE and each of sub-groups of KE (i.e.,
AD, IH and IM, standing for advanced, intermediatehigh, and intermediate, respectively). Based on these
results, it can be stated that the two features VSE and
VCI, in concert, successfully demonstrate the fact that
native speakers’ vowel space is different from vowels
space of learners of all proficiency levels.
Results are also visualized through boxplots in
Figure 3.

Figure 3: The boxplots for VSE and VCI in
discriminating pre-defined proficiency groups and
language groups.

Presumably, the characteristics of reduced vowel
space in non-native speech is a language independent
phenomenon. Thus, we assume that the proposed
features are widely useful for any L1-L2 situation.
Extended experiments with diverse non-native
language data will confirm this.
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ABSTRACT

and showed that formant measures typically exhibit
in ATR systems a much more pronounced difference
on the F1-dimension than on that of F2. However,
language-specific implementations still leave room
for other dimensions of the acoustic and perceptual
space. In particular, the (relative) amplitude of formants had been suggested by Fulop et al. [7] as
a specific indicator for an ATR-mechanism. This
has since then been adopted by a number of authors
when it comes to attribute ATR and RTR properties of vowel systems of similar vowel harmony (e.g.
[8, 11, 16, 2]). However, earlier results are in part
hard to align due to issues regarding the vowel amplitude decay [7] and its suggested necessary normalization/correction by Iseli et al. [12, 13]. Kang
[16] and Aralova et al. [2] included this and found
consistently higher A1-A2* differences in vowels
which are interpreted as [+ATR].

Formant amplitude differences (A1-A2) have been
suggested (Fulop et al. 1998) as specific indicators for an advanced and retracted tongue root (ATR/
RTR) mechanism in vowels. Based on a consistent difference of normalized A1-A2 (Iseli & Alwan 2004), corroborating an F1 difference in ±ATR
vowels in 14 (6 female / 8 male) native speakers of
Ebira, a Nupoid Benue-Congo language of Nigeria,
we observe higher amplitude differences in vowels
with lower first formant values. Our results also
show a similar distribution of A1-A2 in the EbiraEnglish of the same 14 speakers, dividing vowels
into two groups merely comprising TENSE and LAX
(but also long and short) vowels. The (British English) control group shows equivalent tendencies
in some speakers (/varieties), though not as pronounced, suggesting a more gradient divide between
our integration of both systems (ATR-RTR/TENSELAX ) on the one hand, and providing an argument
for incorporating and testing further acoustic dimensions on the other.

1.1. Ebira and Ebira-English

The current study seeks to investigate the usefulness
of the above systematics and the applied methods
and parameters in the perspective of L1-influence
on L2, namely Ebira (Glottocode: ebir1243), a
Nupoid Benue-Congo language of Nigeria and
Ebira-English, i.e. the variety of English spoken by
L1-Ebira speakers. Ebira is spoken mainly in four
local government areas of Kogi State, a region referred to as Ebiraland. Typical for this branch of
Bantu languages, Ebira has a three level system (H,
L, M) of lexical tone. Standard Ebira has 9 vowels, 8
of which are in ATR/RTR pairs, leaving the low central [a] as neutral [1, 11]. While other neighboring
languages such as Yoruba have 7 oral vowels with
no ATR contrast in high front and back positions,
Ebira has /-i/ and /+ i/ & /-u/ and /+u/. In this way, a
higher number of potential matching points is given
for a comparison with English.

Keywords: ATR vowels, formant structure, L1/L2
influence, varieties of English, Ebira
1. INTRODUCTION
Similarities between ATR/RTR vowel systems and
TENSE / LAX vowel systems have been suggested and
investigated already for some time (s. e.g. [19]).
Whereas in ATR/RTR vowel systems tongue height
and root position are not correlated as we would observe in TENSE/LAX-systems (ibid. 303), articulatory measures by Tiede [25] would suggest for ATRlanguages a higher correlation of tongue root and
advancement, resulting in greater pharyngeal expansion. Acoustic comparisons between both vowel
systems have been undertaken early on (e.g. [20])
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land until the time of data collection. The Ebira
stimuli list comprised of 54 items with each vowel
fixed to: tone, i.e. high, mid and low, initial and internal contexts; e.g. isu (mouse/house rats), bisu (to
bait house rats), ìsó (nails), hìsó (to buy nails), íze
(grasscutters/bushmeat), píze (to rear grasscutters).
The EbEn word list consisted of 82 items out of 27
lexical sets. The Ebira list was repeated by all speakers four times to produce 216 tokens per speaker,
whereas the EbEn list was repeated twice. Since
only monophthongs had been considered, this resulted in approximately 110 items per speaker. The
recordings were done with a Z OOM H4 N handheld
recorder with an AUDIO T ECHNICA AT8531 lavalier microphone. The control corpus of English varieties of the British Isles originates from a free available source (soundcomparisons.com curated by Paul
Heggarty, MPI SHH Jena). Here recordings were
done by means of an O LYMPUS LS10 handheld
recorder with an AUDIX HT5 headset microphone.

1.2. Hypotheses – L1/L2 interference

Given the various subvarieties of English in Nigeria
[9, 23], our hypotheses start with the assumption that
there is consistent L1-influence on L2, especially
in a predominantly nonnative L2-environment, reinforcing adoption strategies akin to the Perceptual Assimilation Model ([4], see also [22] for a
summary). In this way, we ask if and how the
ATR vowel system of Ebira finds its correspondences in the reanalyzed TENSE/LAX dimensions of
Ebira-English (EbEn). We acknowledge on the one
hand that analogy-based adoption strategies proceed
along lexical lines, but in order to describe these patterns, we follow the specific contrasts in L1 and subsequently L2. Therefore, we contrast vowel productions of L1 and L2 of one group (Ebira/EbEn) and –
in addition – with L1-productions of a most likely
different native group (British English). Specifically, we focus on the parameters of formant estimates with particular emphasis on spectral tilt in
form of (relative) formant amplitudes (A1-A2). We
expect to see a similar behavior in the L2-production
of native Ebira speakers but not for speakers with
a different L1-background. We are not aware of
a study testing this, except [17] denying any kind
of relevance of spectral tilt for vowel perception.
Hence, we do not expect a spectral tilt effect for varieties of British English per se, but a similar, albeit less pronounced, formant amplitude difference
as well as a relationship of F1 and spectral tilt, which
would then include vowel duration as a partial reflex
of the TENSE/LAX contrast. Tendencies in amplitude differences found so far [25, 8, 7] lead us to
expect higher amplitude differences in front vowels,
whereas (F1) formant differences tend to be smaller
or to get neutralized (cf. [2]).

2.2. Acoustic Analysis

As preparation for acoustic analysis the wave signals were automatically segmented based on periodicity and amplitude. Vowel starts and endings were
manually adjusted. Annotation was based either on
the wordlist items (for Ebira and EbEn) or previous
transcription (for British Englishes). Formant estimation was carried out by means of P RAAT[5] and
the standard (Burg) algorithm adjusted for speaker
sex on the first third of the vowel. Additionally a
scripted implementation of the correction [12, 13]
was applied. Formant estimation values were afterwards filtered for artifacts.

2. METHODS
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of word lists read by 14 native speakers (8 male, 6
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language-specific vowel contrasts in maximal extent
of ATR/RTR and TENSE/LAX. The wordlist of EbEn
was compiled by using the lexical sets of Wells [26]
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Figure 1: Differences for 5 z-scored (by speaker)
acoustic parameters of vowels in Ebira
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2.3. Statistical Analysis
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Statistical analysis was carried out using the R
software [21] package lme4 [3]. Collinearity was
checked by means of the VIF function of the car
package [6] applying a general linear model. Model
selection for non-logit GLMMs was based on tstatistics of the parameters in the model covering all
second degree interactions, and in addition, based on
the Akaike Information Criterion (AIC).
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The difference in F1 serves in Ebira clearly as major feature in the distinction between [+ATR] and
[-ATR] vowels, especially for high and back vowels
but excluding /a/. Furthermore, we can observe that
in Ebira vowels of the /E, I, O, U/-quality the ATR
contrasts are for most speakers expressed by a difference of A1-A2. We fitted a binomial (logit) generalized linear mixed model by maximum likelihood
(Laplace Approximation) in order to test the prediction: ± ATR categories by the measured parameters
A1-A2, F0, F1, F2, F3, D UR, all z-standardized
by S PEAKER. F0 is included since the items carry
different tones. F1 and D UR seem to come out as
the strongest (s.Table 1), whereas F2, F3 and A1A2 show minor impact.

●
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+

Figure 2: Ebira: A1-A2* vs F1 per vowel category
3.2. Ebira-English

Based on a prior analysis with regard to the behavior
of particular lexical set vowels in EbEn [15, 14] a divide for the lexical sets was carried out (s. Table 2),
bearing in mind that the BATH and TRAP vowels are
considered as neutral [14] along with PALM, START,
LETTER and COMMA . However, with regard to A1A2(*), these vowels group with those corresponding
to [-ATR], i.e. showing lower A1-A2* values than
average (Fig. 3).
Table 2: A1-A2 for tokens in Ebira-English according to gross categories of vowel quality

Table 1: Logistic model estimates for zstandardized acoustic parameters in Ebira vowels
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-5.01
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0.94

-0.38
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0.66
-4.16
-0.00
-0.16
1.31

The logistic model for ±ATR already indicates a
negative correlation of F1 and A1-A2, i.e. we observe higher amplitude differences with lower first
formant values. This follows the well-pronounced
divide in the high vowels /I/ and /U/.
An alternative generalized linear model with A1A2* as response and F1, F2, F0, D UR and
S PEAKER as predictor variables with possible interactions shows likewise only a strong dependency of
F1 and F2 but not F0. F3 and F2 exhibit a relatively strong correlation (r=0.53 t=30.5 p < 0.0001)
for this area.
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shit
filth
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air
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comma
Ghana
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sought
soil

foot
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There is only a faint negative correlation of A1A2 and D UR (r = -0.08, p=0.002), so that we do
not expect a link with these parameters. F3, although correlating (r=0.37 t=17.8 p < 0.0001) with
F2, seems to have no significance and is therefore
left out subsequently.
The token realizations appear not as consistent as
one would expect if these would follow the lexical
sets (cf. [15]). We observe here inter-individual
variability to be at play which needs to be further
investigated, as well as the trends on the word level
with respect to a possible model. However, a split
for a particular subgroup (gender) is not apparent
and therefore not explored further at this point. Al-
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Table 3: Logistic model estimates for zstandardized acoustic parameters in Ebira-English
vowels
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of lower A1-A2 values in [-ATR] vowels. It needs
to be noted that the natural trend of higher formant
amplitudes being more effected (cf. [7]) by the natural decay of harmonic magnitudes and its suggested
corrections by Hanson [10] and Iseli [12] were primarily based on theoretical models. Although we
can confirm the previously described corroboration
of F1 and amplitude difference for ATR vowel contrast in Ebira, when projected onto EbEn, our current data show similar tendencies comprising higher
A1-A2 values with lower F1 measures. Nonetheless,
these come out not as sharp in our data so that we are
not yet able to confirm our hypotheses (1.2). The
(BE) control group shows in some speakers equivalent tendencies though not as clearly, suggesting at
most a more gradient divide between both systems
at the one hand and a need for integrating further
acoustic dimensions on the other. We suspect that
additional formant characteristics other than their
center frequency relation contribute to the vowel category attribution. Other spectral parameters like the
normalized bandwidth of the first formant (B1*) or
center of gravity were suggested in the past [18, 24].
At the end, the amplitude difference may be not just
an epiphenomenon (cf. e.g. [17]), but also a stronger
corroboration with other dimensions in the acoustic
space. As in other places, the correction of the amplitude differences neutralizes the beforehand clear
differences and needs to be therefore under scrutiny.
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t = 10.1, p < 0.0001), i.e. an overall point-biserial
correlation of the uncorrected A1-A2 and ‘ATR’ correspondence category, the applied binomial (logit)
LMM reveals again (Table 3) only a dependency of
F1, but not for amplitude difference.
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Figure 3: Ebira-English: standardized F1 vs A1A2* values per gross vowel category
3.3. British English varieties

With respect to the relationship of A1-A2* and F1
we do observe all possible trends (Fig. 4) including those where there seems to be none. However,
this reflects only the overall trend in the pooled (and
standardized) samples.
4. DISCUSSION & CONCLUSION
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ABSTRACT
In this study, we analyze mid-sagittal and coronal
ultrasound data from four subjects in order to
investigate the articulatory properties of the apical
vowel /z/ in Jixi-Hui Chinese (JHC). We seek to
determine whether this unique segment, particularly
well studied in Standard Chinese (SC), has
articulatory characteristics of a vowel or a fricative
consonant. Mid-sagittal ultrasound data show that it
displays the same tongue shape as consonant [s] and
may have a slightly higher tongue tip, which could
explain the presence of abundant frication noise. The
raising of the tongue dorsum, already observed in SC,
varies in JHC across speakers. Coronal ultrasound
data show that the tongue is medial-grooved and has
an increased grooving corresponding to the decreased
frication noise and the appearance of clear formant
structure near its offset. These findings are discussed
in light of the behavior of this segment within the
phonological system of JHC.
Keywords: apical vowels, ultrasound, Jixi-Hui
Chinese, syllabic consonant.
1. INTRODUCTION
Chinese languages are known to have a series of
specific segments, often termed as “apical vowels”
[12]. Some researchers showed that they could also
be defined as “fricative vowels” [13], “syllabic
fricatives/sibilants”
[6, 19],
or
“syllabic
approximants” [14, 15, 21].
The apical vowels in Standard Chinese (SC) have
been comprehensively studied. Phonologically, they
are allophones to /i/, as they only occur following
coronal sibilant onsets [s, ts, tsh, ʂ, tʂ, tʂh], while [i]
occurs following palatal sibilant onsets [tç, tçh, ç] and
other consonants [3, 6]. Phonetically, the apical
vowels of SC are homorganic to their sibilant onsets;
the tongue tip/blade gesture remains nearly
unchanged from the preceding sibilants to the voiced
part of the syllable, and only a slight lowering of the
tongue body is found [14]. Frication noise during
apical vowels is observed [19] and considered the
indicator of its sibilant property by some researches;
however its presence is not systematic [8, 14].
Based on its homorganic character and its sibilant
property, Dell [5] analyzed the SC apical vowel as a
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“voiced prolongation of the consonant”, and Duanmu
[6] proposed to analyze it not as an underlying
phoneme, but as a segment triggered by an empty
nucleus and the spreading of the feature [+fricative]
from the onset. In our study, we adopt the [z]
transcription following Duanmu and Dell.
While SC apical vowels are studied in much detail,
less is known about these segments in other Chinese
languages. This current study is based on Jixi-Hui
Chinese (JHC), which is a Hui 徽 group Chinese
language spoken in Jixi 绩溪 County in Anhui 安徽
province, China [10, 22, 23]. It has two major
variants; our study is based on the city variant, which
has 9 phonological monophthong vowels: [i, y, u, ʉ,
o, ɤ, ɔ, a], in addition to the apical vowel [z].
Our previous study [17], based on acoustic data,
shows that [z] in JHC has abundant frication noise on
the first half of its duration, and displays a clear
formant structure on the second half. This is
illustrated in Fig. 1 for the items [pz214] ‘compare’ and
[nz214] ‘in’. In these two syllables, [p] and [n] being a
labial stop and a sonorant respectively, have
objectively no frication noise to propagate into the
vocalic parts. The HNR pattern of [z] shows that the
presence of frication noise is systematic, suggesting
that this is an inherent attribute of [z] in JHC [17].
Figure 1: Examples of [z] containing frication noise
on more than half of the duration, with [p] (left) and
[n] onsets in syllables [pz214] ‘compare’ and [nz214]
‘in’ [17].

z
p
n
z
In this study, we follow up on the study of
properties of [z] in JHC, through the analysis of its
articulatory properties based on ultrasound data. The
aim is to determine whether [z] has articulatory
characteristics of a vowel or of a fricative consonant.

view of the possible differences between segments,
namely between [s] and [z] which are the focus of this
study.

2. METHODS
2.1. Ultrasound data acquisition

Ultrasound data were acquired at Jixi city, in Anhui
province, China. Three females and four males
(age: 49±3.8) were recruited based upon the same
criteria: they must be born and raised in Jixi city, by
two parents born and raised in the same city, and they
must speak JHC on a daily basis in both professional
and family contexts. None of the speakers was
reported to have speech or hearing diseases or
difficulties. We had access to the sound-attenuated
studio of the local television channel for our
recording sessions. A word list was constructed with
the following five segments [i, a, u, ʉ, z] occupying
the rhyme of real monosyllabic words starting with
/p_, ph_, m_, n_, ts_, tsh_, s_/ with different tonal
structures. Each word was produced within the carrier
phrase [ki44ɕᴐ213_ ɕᴐ213sᴐ44fa44] ‘He writes _ three
times’. The word list was repeated three times for
mid-sagittal recordings and three times for coronal
recordings, yielding 1218 total target syllables.
Both mid-sagittal and coronal ultrasound data
were recorded with an Ultrasound Stabilisation
Headset [1] and the Articulate Assistant Advanced
software (AAA, V217.03) [2]. The ultrasound image
was recorded with a field of view of 92°; due to
speakers’ morphological specificities, the depth was
adjusted to have a maximum view of the tongue,
causing different frame rates. The synchronization of
ultrasound recordings and corresponding audio was
done automatically by AAA software.
2.2. Ultrasound data analysis

Data from two female (FS1, FS2) and two male
(MS1, MS2) speakers are presented in this study.
Ultrasound data were segmented in AAA manually
using the corresponding audio and traced manually
with the help of the built-in tracing algorithm. The
tongue contour of the nearest-central image of every
[i, a, u, ʉ, z] token was extracted in XY coordinates;
we also extracted the tongue contour of fricative [s].
The data obtained were then analyzed using
smoothing-spline analysis of variance (SS ANOVA)
in R environment with Package gss [4, 9]. The palatal
traces were generated by averaging the palate
contours extracted from six separate water-swallow
tasks.
While studies based on mid-sagittal ultrasound
data are rather frequent, coronal ultrasound data are
rarely studied. One difficulty in coronal ultrasound
data is that, in a field study, the coronal plane of the
tongue can almost never be optimally positioned on
the tongue [18]. Nevertheless, a comparison between
coronal tongue shapes can still give a straightforward
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3. RESULTS
3.1. Mid-sagittal ultrasound

We can see that the four speakers have two
different mid-sagittal tongue contours. FS1 and MS2
have a raised tongue tip, but the tongue dorsum is also
raised and higher than the tongue tip; FS2 and MS1
have the highest point of the tongue in the front, the
tongue dorsum is flat, thus the tongue apex is higher
than the tongue dorsum.
Mid-sagittal ultrasound images are generalized
into SS ANOVA curves, presented in Fig. 2. The
general observation is that [z] and [s] have the same
tongue shape, but the tongue dorsum in [z] could be
lower than in [s].
Based on SC apical vowel data reported by Zhou
and Wu [24], Cheng [3] noted that in the production
of the apical vowels, the highest point of the tongue
is slightly more front, and the back of the tongue is
slightly raised. He then suggested that “the SC apical
vowel has two simultaneous points of articulation,
one at the tongue tip and the other at the body of the
tongue.” (p.13). This observation on SC apical vowel
is confirmed in pattern 1, but not observed in pattern
2, in which the tongue tip is indeed the highest point,
but there is no raised tongue body. Interestingly,
when [s] has a raised tongue body, [z] has the same
gesture, as in FS1 and MS2. Similarly, if [s] does not
have a raised tongue body, [z] does not either, as in
FS2 and MS1. That is to say, apical vowel [z] and
fricative consonant [s] display the same tongue shape
in the sagittal plane for each speaker.
FS2 and MS1 seem to produce apical vowel [z]
with a lifted tongue tip compared to [s]. This specific
pattern could be related to one case reported by
Faytak [8], where he observed a raised tongue tip in a
coronal plane for one speaker; while all other
speakers’ tongue tips do not differ from [s] to [z].
Since the apical vowel [z] in JHC is reported to have
more frication, we may consider this tongue tip
constriction to be one of the factors related to the
observed turbulent noise on acoustic signals.
3.2. Mid-sagittal tongue shape of [z] in different
consonantal contexts

It is shown that the SC apical vowels are
homorganic to their sibilant onsets [14]. Considering
that in our word list of JHC, [z] is not only preceded
by coronal sibilants, but also by [p, ph, m, n], we
compared the tongue contours of [z] in these different
contexts to show that the resemblance between the

tongue contours of [z] and [s] was not due to the
influence of the preceding coronal consonants.
In Fig. 4, we can see a comparison between [z]
segments preceded by labial consonants and by
coronal consonants for the two speakers. Clear
enough, there is no observable difference between [z]

in the two contexts. This provides additional evidence
that the resemblance of tongue contours between [z]
and [s] is not due to the context where [z] occurs.
Rather, the specific tongue shapes displayed by [z]
seem to be an inherent property of this segment.

Figure 2: SS ANOVA splines of mid-sagittal ultrasound tongue contours, extracted in XY coordinates (mm) at the
nearest center image of each segment, the tongue tip is on the right and tongue root on the left. Dotted lines represent
[i, u, a, ʉ], dashed red lines represent [s] and solid green lines [z]; the thick grey lines represent the palatal traces; the
grey areas represent 95% Bayesian confidence intervals.

Figure 4: SS ANOVA splines (mm) of all [z] segments. Solid lines represent [z] preceded by labial consonants and
dotted lines represent [z] preceded by coronal consonants. Tongue tip on the right and tongue root on the left.

than [s], which should correspond to the lower
tongue body in our mid-sagittal contours. For FS1
and FS2, though the tongue contours are medialgrooved in both [s] and [z], we do not observe a more
grooved [z] compared to [s]. This is also consistent
with their mid-sagittal contours where the difference
between [s] and [z] is rather small.
Compared to other vowels, this medial-grooved
shape of the tongue in [z] segments can be
considered as the indicator of its sibilant nature, as
no vowel in JHC presented in Fig. 3 has this
narrowed air passage. It is worth noting that this
medial-grooved tongue shape for [z] is observed in
all speakers, who have different articulatory
strategies for [z] reported in mid-sagittal view.

3.3. Coronal ultrasound

Coronal ultrasound tongue contours are
generalized into SS ANOVA curves and shown in
Fig. 3. The general pattern is also that [z] has the
same tongue shape as [s]. Although we cannot
determine where exactly the coronal contours of the
tongue were obtained, by comparing the relationship
between tongue contour lines in mid-sagittal view
and coronal view, we can still see that our coronal
view is not captured at the tongue tip, but rather at
the frontal part of the tongue body.
The four speakers all have a medial-grooved
tongue shape. For MS1 and MS2 [z] is more grooved
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Figure 3: SS ANOVA splines of coronal ultrasound tongue contours, extracted at the nearest center image of each
segment. Line type as in Figure 2.

4. DISCUSSION AND CONCLUSION
The objective of this study was to determine whether
[z] in JHC has articulatory characteristics of a vowel
or of a fricative consonant. The resemblance of
tongue contours between [s] and [z], together with
previous results showing the presence of frication
noise during [z] [17], provide evidence that this
segment is best analyzed as a fricative consonant.
There are important articulatory differences
between JHC [z] compared to SC [z] [8, 14]. The JHC
[z] could be produced with or without a raised tongue
body, and the tongue tip could be more raised as for
[s]. There are also similarities between SC and JHC
[z]: on the acoustic level, they display the same
formant structure [17, 20]; on the articulatory level,
the tongue body could be raised and medial-grooved
while systematically resembling the articulatory
configuration observed for [s]. The presence of
frication noise in JHC [z] has also been observed in
other Chinese languages [11, 16]. The absence of
frication noise in SC [z] is likely an exception rather
than a norm [7].
The fundamental difference between JHC [z] and
SC [z] concerns their phonological status and
phonotactic distribution. As already stated, SC [z] is
an allophonic variant of the phoneme /i/ and is always
homorganic to its sibilant onsets. In JHC it is a
distinct phoneme from /i/, as both /z/ and /i/ occur
after [ts, tsh, s] onsets (e.g. [tsz31] ‘chicken’ vs. [tsi31]
‘a family name’; [tshz31] ‘deception’ vs. [tshi31]
‘autumn’; [sz31] ‘silk’ vs. [si31] ‘repair’). Moreover,
this apical vowel has a larger distribution than in SC,
as it occurs not only after coronal sibilant onsets, but
also after [p, ph, m, n] onsets that have no sibilant
properties to propagate. [z] in JHC is also a tone-
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bearing unit (TBU) and can undergo tonal sandhi
processes (e.g. /sz31/ ‘west’ + /ko31/ ‘melon’ →
[sz33ko31] ‘watermelon’). Syllables containing apical
vowel [z] are lexically developed, counting for 7,2%
of the monosyllabic entries of JHC dictionary [23].
Studies on SC [z] tend to treat the homorganic
property of [z] as being triggered by the sibilant
onsets. We have shown that this analysis cannot apply
to JHC [z]. Indeed, the fact that it can occur following
both coronals and labials rules out the possibility of
considering it as a mere prolongation of the onset
consonant.
To sum up, both the articulatory and acoustic
characteristics of /z/ support a consonant analysis.
The fact that it can be a TBU nucleus does not rule
out this analysis, since other consonants in JHC can
also function as TBUs (e.g., /m, n, v/). Its limited
distribution – appearing only at syllable nucleus
position – is most probably a consequence of its
diachronic evolution from /i/ [25].
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ABSTRACT
Mergers have often been considered irreversible.
Much sociophonetic work has focused on describing
their genesis; in contrast, there has been very little
research describing their reversal. This study
observes speakers having accomplished a merger
reversal, or demerger, resulting in the restoration of
a phonemic distinction. North Korean features a
well-known merger of /u/-/ɯ/ that is non-merging in
South Korean and stigmatized because it is
associated with North Korean defector status. This
research investigates to what extent North Korean
refugees in South Korea continue to exhibit this
merger once they are living in South Korea, or if
they begin to show signs of demerger. The role of
structural categories (vowel dispersion) and social
categories (gender and length of residence in South
Korea) are considered. Results show main effects for
length of residence and gender, whereby female
speakers and a longer length of residence in South
Korea show preference for the demerger.
Keywords: vowel demergers, vowel dispersion,
gender differences, North Korean, sociophonetics
1. INTRODUCTION
Countless studies of language variation have
demonstrated that vowel quality can be a significant
indicator for various sociodemogaphic categories,
such as gender, age, and geographical region [1, 8,
12, 15]. Most research on changes in vowel quality
has focused on mergers in accordance with Garde’s
Principle, which states that mergers cannot be
reversible by linguistic means [3, 11]. The current
research project, however, based on North Korean
refugee speech in South Korea, suggests that this
unidirectionality may not always be absolute.
Back vowel mergers frequently occur in most
North Korean dialects but not South Korean ones [5].
That is, the contrast between the high back
unrounded vowel /ɯ/ and the high back rounded
vowel /u/ is neutralized in the North toward /u/.
North and South Korea have been divided for
almost 70 years since the Korean Peninsula came
under the hegemony of two competing powers
during the Cold War: the Soviet Union and the
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United States [13]. Since 1945, Korean culture and
language have diverged in the two countries due to
the division. Recently, the growing population of
North Korean refugees in South Korea has been
exposed to North-South linguistic differences,
causing them to become hyperaware of their
language [10]. For this reason, North Korean
refugees living in South Korea who must negotiate
their identity via the (de)merging of these two
vowels are noteworthy to variationists.
Phonetic convergence including “an increase in
segmental and suprasegmental similarity of the
speech of one talker to another” arises with frequent
exposure to a phonetic form [16]. That is, frequent
exposure through direct social contact can cause
“automatic convergence,” resulting in language
change [16]. Thus, North Korean refugees’ length of
residence in South Korea is expected to be a driving
force of vowel quality change.
Gender differences may exist depending on
various factors in language change and thus gender
does not have the same effect on language use
universally [2]. However, it is well-documented that
males and females show “the opposite in their use of
linguistic variables” [2]. This motivates the
investigation of gender effects in North Korean
refugees.
The present study aims to investigate whether and
to what extent North Korean refugees in South
Korea exhibit changes in vowel quality indicative of
a back vowel demerger, conditioned by their length
of residence in South Korea and gender.
2. METHODS
2.1. The data source

Audio data, in the form of natural discourse, are
taken from YouTube videos entitled “Senior and
junior (or early and late) North Korean refugees
[thalpwuk senhwupay],” which aired on Payna TV
from March 7, 2017 until November, 28, 2017. In
the show, all participants wear a name tag showing
their name, origin province (Pyungan or
Hamkyung), and length of residence in South Korea.
All participants came from Pyungan Province
(northwest) or Hamkyung Province (northeast).
According to [6] and [9], both Pyungan and

Hamkyung dialects have a documented back vowel
merger in which /ɯ/ moves into /u/. Considering this
finding, we have excluded the possibility of dialectal
variations among participants in terms of this feature.
2.2. Participants

This study measures the vowel formants, F1 and F2,
of /u/ and /ɯ/ spoken by six North Korean refugees,
four females and two males, appearing on the show.
Although age is not under examination in the present
study, all participants are estimated to be in their late
30s to early 60s, based on their conversation and
appearance. To test the effects of length of residence
in South Korea, two groups are compared: early
(one-year) and late (approximately ten-year). The
late group is gender-balanced with two males and
two females, and the early group consists of two
females.
2.3. Procedures

The first episode of the TV show features four
middle-aged refugee panelists with various lengths
of residency (two one-year females, one nine-year
male, and one ten-year male) and one male South
Korean host, aged 35 years. After the fifth episode,
the South Korean host was replaced by the nine-year
male refugee. Throughout the show’s progression,
there were three regular panelists, two one-year
females and one nine-year male. They also invited a
guest in each episode.
Video data were downloaded from YouTube and
then converted to .wav files for formant analysis.
Five episodes were used to measure vowel formants
of /u/ and /ɯ/. Episodes were approximately 50
minutes long and cut into ten five-minute files for
vowel measurement. Words including the
monophthongs /ɯ/ or /u/ were collected from the
five episodes. This research reports ten tokens per
vowel per speaker, for a total of 120 tokens (six
speakers × 20 tokens).

Vowel distance between the two back vowels,
/ɯ/ and /u/, was calculated by using the Euclidean
distance (ED) with average F1 and F2 values of each
speaker. The formula for calculating the ED between
/ɯ/ and /u/ is given in (1).
(1)

d=!(F1ɯ − F1' )) + (F2ɯ − F2' ))

As the ED increases, distance between two
vowels increases, indicating demergers.
Mergers are related to the range of variation in
production as well as the distance between two
phonemes [14]. According to [18], the two vowels
do show significant differences in backness (i.e. F2
frequencies) for both males and females. However,
they do not show significant differences for vowel
height (i.e. F1 frequencies). Thus, this research
examines the standard deviations of F2 values of /ɯ/,
in order to observe any potential demerging of the
two vowels. Kang argues that /ɯ/ is moving
backward to merge with the high back rounded
vowel /u/ in the Pyongyang dialect, the standard
North Korean dialect [5]. Consequently, we can
predict that demergers may occur in altering the
second formants (F2) of /ɯ/.
In sum, the current research measures F2
standard deviations (F2 SD) of /ɯ/ to inspect the
range of demerger occurring in the distribution of
/ɯ/. It is expected that early refugees show greater
deviations than late refugees.
4. RESULTS
4.1. Vowel distance by Euclidean distance

Formant measures are used to generate twodimensional vowel plots in NORM [17], as in Figure
1. The ellipses visualize one standard deviation in
variation from each mean represented by each dot.
Figure 1: Vowel ellipses with standard deviation
by speakers (y=/ɯ/, u=/u/)

3. ANALYSIS
Words containing one or the other of the two target
vowels, /ɯ/ and /u/, were extracted from the audio
data to measure the first and second formants of
vowels for a two-dimensional representation.
To label segments, spectrograms and waveforms
were used with auditory inspection. Vowel onset and
offset points were measured at the midpoint to
minimize the effects of surrounding segments.
Vowel measurements were normalized using
Labov’s ANAE (speaker-extrinsic) method to
eliminate speaker variation caused by differences in
vocal tract length [7, 17].
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(a) Early female K

(b) Early female M

(c) Late female L

The results of an ANOVA found that these
differences in ED are statistically significant [F
(1,78) = 480.12, p<.001]. A two sample one-tailed ttest found a main effect of length of residence in
South Korea, such that the ED of the early group is
significantly less than that of the late group [t (78) =
21.91, p<.001].
Average EDs by gender in the late group are
given in Table 2. This indicates that EDs of male
refugees are less than those of females.

(d) Late female L

Table 2. Mean Euclidean distance by gender (Hz) (late
group only)

males
400.85

Mean ED

(e) Late male K

(f) Late male P

Figure 1 shows the ellipses of the two vowels
with standard deviation of all speakers individually.
Vowel distance, calculated by using the
Euclidean distance formula, is shown in Figure 2.
Figure 2: Euclidean Distances between /ɯ/ and /u/
(Hz)

females
815.90

An ANOVA test reveals that the ED differences
are significant [F (1,78) = 87.352, p<.001]. A two
sample one-tailed t-test found a main effect of
gender, such that male refugees show shorter EDs
than females [t (78) = 9.35, p<.001].
4.2 F2 standard deviation of /ɯ/ for vowel dispersion

F2 standard deviation is used to inspect a range of
backness variation in the vowel /ɯ/. The results are
presented in Figure 3 below.
Figure 3. F2 standard deviation of /ɯ/
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Figure 2 displays the vowel distance between /ɯ/
and /u/ for each speaker. The results in Table 1
indicate that average ED of the early group is shorter
than that of the late group in female subjects.

Figure 3 shows that the late group’s F2 SDs are
less than the early group’s in females. The mean
values of females’ F2 SDs by length of residence in
South Korea are given in Table 3.

Table 1. Mean Euclidean distance by length of residence
in South Korea (Hz) (females only)

Table 3. Mean F2 SD of /ɯ/ by length of residence in
South Korea (Hz) (females only)

Mean ED

Early group
343.50

Late group
815.9

Mean F2 SD
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Early group
359.80

Late group
104.75

An ANOVA test reveals that the differences in
F2 SDs are significant [F (1,78) = 262.52, p<.001].
A two sample one-tailed t-test also reveals that the
early group’s F2 SD of /ɯ/ is significantly greater
than the late group’s [t (78) = 16.202, p<.001].
There is also a significant difference between
males and females in F2 SDs. Average F2 SDs by
males and females are given in Table 4 below.
Table 4. Mean F2 SD of /ɯ/ by gender (Hz) (late group
only)

Mean F2 SD

male
201.80

female
104.75

An ANOVA test reveals that the differences in
F2 SDs are significant [F (1,78) = 3027.7, p<.001].
A two sample one-tailed t-test found a main effect of
gender such that the males’ F2 SD of /ɯ/ is
significantly greater than the females’ [t (78) =
55.025, p<.001].
5. DISCUSSION
The present findings demonstrate that both length of
residence in South Korea and gender affect the
degree of back vowel demerger in North Korean
refugees. In terms of Euclidean distance, the results
indicate that late refugees show longer distances
between the two vowels /ɯ/ and /u/ than early
refugees. This means that the late group tends
towards the non-merging South Korean vowel
system, while the early group has not yet
accomplished the phonetic distinction between the
two vowels. Males’ vowel distances are shorter than
females’, indicating that females show the demerger
to a greater extent than males. This result is
indirectly consistent with [4], who reported that
males have less dispersed vowel spaces than females
and, therefore, are more likely to lead vowel mergers.
Conversely, it is probable that females with more
dispersed vowel spaces might lead demergers.
For the F2 SDs for the vowel /ɯ/’s dispersion,
the results show that there are effects of residence
duration. That is, the early refugee group shows
more dispersion of F2 frequencies than the late
refugee group. This may mean that early refugees’
attempts to demerge the vowel /ɯ/ from /u/ are
unsuccessful, contributing to a high F2 SD, as was
found in the 1-year Female K in Figure 3. Gender
effects are also found in F2 SDs indicating that
males show preference for a greater dispersion
among F2 frequencies than females. This suggests
that females may accomplish demergers at a faster
rate than males.
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6. CONCLUSION
The current study examines the effect of length
of residence and gender on the degree of back vowel
demerger in North Korean refugees in South Korea,
operationalized as the separate dependent variables
of vowel distance, as measured via Euclidean
distance, and vowel dispersion, as measured via F2
SD.
Findings suggest that North Korean refugees in
South Korea exhibit variable changes in vowel
quality, as predicted by their length of residence in
South Korea and gender, indicating varying degrees
of demerger. The longer their length of residence in
South Korea, the greater the extent of the vowel
demerger they exhibit. Females are more likely to
show demergers separating the two vowels /ɯ/ and
/u/. The results of vowel dispersion reflect that early
refugees tend to show more dispersed F2 values of
/ɯ/ than late refugees, and that males tend to show
more dispersed F2 values of /ɯ/ than females.
Future research should investigate a larger range
of refugee groups, including those who have lived in
South Korea for an intermediate length of five years
(a level not represented in this study), as well as
those who have lived in South Korea well beyond
ten years.
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FORMANT FREQUENCIES OF POLISH RAISED /ɛ/ AND /a/
IN PALATAL CONTEXTS
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ABSTRACT
There is general agreement in the literature that the
Polish vowels /ɛ/ and /a/ have raised allophones in
the context of palatal consonants. However, extant
descriptions are predominantly articulatory in nature, with formant values given by Wierzchowska
[13] and Gonet [4], and a formant chart given by
Nimz [7]. Also, there is some disagreement as to
whether the palatals have an effect on one or both
sides of the vowel. The present study explores these
issues. Ten female speakers of Poznań Polish were
recorded reading phonotactically well-formed nonwords disguised as surnames and embedded in carrier sentences. A balanced set of flanking consonants
was used, with palatals and dento-alveolars in symmetric and asymmetric configurations. The effect of
the palatals was stronger for /ɛ/. Importantly, following palatals seem to have a weaker effect than preceding ones. Thus, existing descriptions are only
partially vindicated.
Keywords: vowels; Polish; allophony; raised; palatal.

b
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consonants or [i̭ ] surround/follow a vowel; in other
words, a preceding palatal does not trigger raising.
Importantly, while acoustic studies of the entire
vowel system do exist (e.g. [4], [8]), there is little
acoustic data for the raised allophones. Wierzchowska [14] claims that the raised /a/ has an F1 of
“about 700 Hz” and an F2 of “about 1600 Hz”,
while the F1 of the raised /ɛ/ is “about 400 Hz”, with
an F2 of “about 2000 Hz”; but she does not offer any
details of the sources of the data. Gonet [4] explores
the effect of palatals, but only on the left-hand side,
concluding that only one of his four male speakers
shows a statistically significant difference between
the raised and plain allophones. Nimz [8] gives an
F1–F2 vowel chart showing the allophones; numerical data are averages for each vowel phoneme. From
the chart, it can be gleaned that the raised [e] has an
F1 of about 450 Hz, and an F2 of about 1850 Hz, as
opposed to averages of 548 Hz and 1559 Hz for /ɛ/.
The palatal-context allophone of /a/ differs in F2 only: F1 is about 650 Hz (the mean for /a/ is 637 Hz),
while F2 is about 1550 Hz (mean for /a/ 1251 Hz).
All of these data come from male speakers.

1. INTRODUCTION
Polish has a relatively unremarkable six-part oral
vowel system comprising /i/, /ɨ/, /ɛ/, /a/, /ɔ/ and /u/.
Authorities agree that there is little allophonic variation. For example, Wierzchowska [14, pp. 128–129]
devotes about one-third of a page to a section titled
“Vowel variants”, and mentions positional variants
of /a/, /ɛ/ and /ɔ/, most usually in an environment of
‘soft’ (i.e. palatal) consonants on both sides. Jassem
[6, p. 106] is more specific, but also more terse, in
saying “[t]here is little contextual allophony, but /e/
[our /ɛ/] is half-close between palatals, as in [pjeɕɲ]
pieśń ‘song’ and /a/ is Cardinal 4 in this position,
e.g. [ˈdʑiɕaj] dzisiaj ‘today’”. There is some disagreement on the details of the palatal effect. Benni
[1] claims that palatal consonants on both sides of a
vowel raise it more than just one neighbouring palatal consonant. Wierzchowska [13, 14] claims that
palatal context following a vowel raises the vowel
more than a preceding palatal consonant. Other
sources (Steffen-Batogowa [11], Ostaszewska and
Tambor [10], Dukiewicz [2], Wiśniewski [15])
maintain that raised allophones occur only if palatal
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Figure 1: The relevant portion of the formant chart
from Nimz [8, p. 101]. The solid line is the perimeter of the vowel space; the dashed one connects the palatal-context allophones.

The present study aims to address this descriptive
gap. In addition to providing acoustic data for the
two vowels in palatal contexts, it will also attempt to
establish if there are differences between contexts
that are symmetrically palatal or not.

2.3. Procedure

2. METHOD
2.1. Informants

The data for the present study comes from a larger
project investigating the basic acoustics of Polish
vowels and palatal consonants. In order to minimize
inter-speaker variability, ten female speakers of
Poznań Polish were selected from the total pool of
speakers. They were all natives of Poznań (a major
urban centre of the Greater Poland region in the
western part of the country, pop. 550,000) or the
immediate vicinity. Since the chief differences between Poznań Polish and the national standard pertain to details of sandhi consonant voicing, data on
vowels data can be argued to be broadly representative of Standard Polish. All the speakers were aged
21–38 at the time of recording. They were administration staff or students of a local institution of tertiary education.
2.2. Material

The material consisted of read speech. For the larger
project, each informant read 150 carrier sentences in
which target words were embedded. The target
words contained all Polish vowels in two consonantal frames, the two vowels under investigation here
in four consonantal frames, and some additional material. The order within each block was randomized.
The carrier sentence for the present study was Ta
pani nazywa się Anna X ‘This woman’s name is Anna X’ where X was a phonotactically legal non-word
disguised as a surname. This was done because obtaining a minimal quadruple of the required structure
is impossible with real Polish words. For both vowels, the minimal quadruple placed the vowel in a
stressed syllable, in a symmetric or asymmetric consonantal context, with a palatal or dento-alveolar
sound on one or both sides. The dento-alveolars
were chosen to be non-palatal but only minimally
different in terms of place of articulation. The procedure resulted in four repetitions of each context
per speaker. This is summarized in Table 1.
Table 1: The target words.

V Word
/ɛ/ Ciesiak
Ciesak
Cesiak
Cesak
/a/ Ciasiak
Ciasak
Casiak
Casak

Transcription
/ˈtɕɛɕak/
/ˈtɕɛsak/
/ˈtsɛɕak/
/ˈtsɛsak/
/ˈtɕaɕak/
/ˈtɕasak/
/ˈtsaɕak/
/ˈtsasak/

Context
palatal–palatal
palatal–dento-alv.
dento-alv.–palatal
dento-alv.–dento-alv.
palatal–palatal
palatal–dento-alv.
dento-alv.–palatal
dento-alv.–dento-alv.
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The recordings were made in a sound-treated booth.
The informants read the sentences, presented on a
computer screen, at a self-controlled pace. Sound
was captured using an MXL-770 condenser microphone, placed about 30 cm in front of the speaker’s
mouth and slightly to the side, connected to a PC via
an Edirol UA-25 USB audio interface. The recordings were digitized at 44,100 Hz, 16 bits, and saved
to the computer’s hard disk.
The resulting recordings were force-aligned using
the speech services offered by the CLARIN-PL consortium (http://mowa.clarin-pl.eu/). The boundaries
for each target vowel were manually corrected to include the voiced portion between the voiceless fricatives/affricates on both sides, to within one glottal
cycle.
A Praat script was used to make automated
measurements of the first three formants and durations of all target vowels, along with reference charts
used to visually assess the immediate results. The
formant measurements were taken as averages in a
window from 20% to 70% of the vowel’s duration.
Outliers were identified visually and either measured
manually or discarded as invalid due to speaker errors or factors such as breathy voice.
To further minimize inter-speaker variability, the
measurements were normalized using the Watt–Fabricius method [3], as offered by the NORM suite,
which is an online frontend to the vowels R package
(Thomas and Kendall [12]).
3. RESULTS
Figure 2 offers a graphical summary of aggregate results for all the consonantal frames in the present
study, plus all Polish vowels from one of the consonantal frames in the larger project, i.e. b–ty (bity,
byty /bɨtɨ/, bety, baty, boty, buty).
As can be seen, the normalization procedure improved the overlap between the individual speaker
vowel spaces on the vertical (F1) axis. As the 1 SD
ellipses suggest, the spread of /ɛ/ was as expected,
along a diagonal line from higher F1 and lower F2
values at one end towards lower F1 and higher F2 at
the other. The measurements for /a/ did not show
such a clear pattern; in particular, it was not apparent
if there was a raising effect (as suggested by Wierzchowska), or a fronting pattern (as suggested by Jassem and Nimz).
The distributions for /ɛ/ and /a/ were inspected in
more detail. A two-dimensional density plot for the
two vowels after normalization, limited to measurements from the palatal and dento-alveolar consonantal frames, is presented in Figure 3.

Figure 2: F1 and F2 of Polish vowels. Top: Raw
Hz. Bottom: Normalized according to Fabricius et
al. [3]. Colours for vowel categories; ellipses for 1
SD confidence intervals for each speaker; symbols
for speaker means.

Table 2: Descriptive statistics for the first two formants of /ɛ/ and /a/, by context on both sides. Pal =
palatal; d-a = dento-alveolar.

V Context
ɛ pal–pal
pal–d-a
d-a–pal
d-a–d-a
a pal–pal
pal–d-a
d-a–pal
d-a–d-a

F1
0.98
1.11
1.22
1.23
1.62
1.69
1.76
1.71

SD
0.08
0.08
0.10
0.06
0.20
0.13
0.18
0.17

F2
1.50
1.37
1.32
1.22
1.13
1.07
1.05
1.01

SD
0.10
0.13
0.11
0.07
0.11
0.07
0.08
0.07

clear effects, in particular for F1 in /ɛ/, and F2 in
both vowels. The role of the right-hand palatal context is less well-defined.
Mixed-effect linear regression using the rbrul R
package [6], ver. 3.1.1, was employed to explore the
effects in more depth. Models were fitted separately
on the normalized F1 and F2 data, with Speaker as a
random factor, and Left and Right context as fixed
factors. The best models included all the factors in
all but one cases. However, the effect sizes differed
considerably. The models are summarized below in
a slightly abbreviated format.
F1 in /ɛ/
AIC
-349.7

BIC
-331.1

logLik deviance df.resid
180.9
-361.7
158

Scaled residuals:
Min
1Q Median
-2.5903 -0.7304 -0.0232

3Q
0.6172

Max
3.7571

Random effects:
Groups
Name
Variance Std.Dev.
Speaker (Intercept) 0.0001086 0.01042
Residual
0.0063550 0.07972

Figure 3: A 2D density plot for /ɛ/ and /a/. F1 and
F2 stand for the Fabricius et al. [3] measures, i.e.
Fx/S(Fx).

Fixed effects:
Est. S.Error df
t
(Intercept) 1.232 0.013
83.360
LeftP
-0.117 0.018 155.057
RightP
-0.002 0.018 156.659
LefP:RigP -0.133 0.025 159.197
F2 in /ɛ/
AIC
-281.5

BIC
-266.0

logLik deviance df.resid
145.7
-291.5
159

Scaled residuals:
Min
1Q Median
-4.2547 -0.3989 0.0946

Fig. 3 shows two clear maxima for /ɛ/ but arguably
only one for /a/. This may reflect the accepted views
on the allophony of /ɛ/ but not necessarily of /a/.
To investigate further, data from the palatal and
dento-alveolar contexts were analysed statistically.
From the descriptives in Table 2, it seems that the
symmetrical and left-side palatal contexts have very
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value
Pr(>|t|)
94.596
<2e-16***
-6.407 1.69e-09***
-0.110
0.913
-5.267 4.45e-07***

3Q
0.5586

Max
2.1588

Random effects:
Groups
Name
Variance Std.Dev.
Speaker (Intercept) 0.002146 0.04632
Residual
0.008985 0.09479
Fixed effects:
Est.
(Intercept) 1.211
LeftP
0.171
RightP
0.118

S.Error df
t value
0.020
19.868 61.818
0.015 155.522 11.333
0.015 154.491
7.836

Pr(>|t|)
<2e-16***
<2e-16***
7.01e-13***

F1 in /a/
AIC
-197.8

BIC
-179.1

logLik deviance df.resid
104.9
-209.8
160

Scaled residuals:
Min
1Q
Median
-2.66651 -0.62438 -0.00845

3Q
0.53615

Max
2.50680

Random effects:
Groups
Name
Variance Std.Dev.
Speaker (Intercept) 0.01578 0.1256
Residual
0.01381 0.1175
Fixed effects:
Est. S.Error df
t value
(Intercept) 1.709 0.044 13.506 38.882
LeftP
-0.019 0.026 156.157 -0.748
RightP
0.054 0.026 156.033
2.072
LefP:RigP -0.127 0.037 156.206 -3.456
F2 in /a/
AIC
-368.5

BIC
-352.9

Pr(>|t|)
2.94e-15***
0.455784
0.039882*
0.000706***

logLik deviance df.resid
189.2
-378.5
161

Scaled residuals:
Min
1Q Median
-4.7248 -0.4359 0.0729

3Q
0.5451

Max
3.3910

Random effects:
Groups
Name
Variance Std.Dev.
Speaker (Intercept) 0.001591 0.03989
Residual
0.005382 0.07336
Fixed effects:
Est. S.Error df
t value
(Intercept) 1.009 0.016 18.280 62.485
LeftP
0.066 0.011 156.294
5.761
RightP
0.051 0.011 156.171
4.505
Significance codes:
‘.’ 0.1 ‘ ’ 1

Pr(>|t|)
<2e-16***
4.31e-08***
1.29e-05***

0 ‘***’ 0.001 ‘**’ 0.01 ‘*’ 0.05

As can be seen, the left-side palatal context has an
effect of decreasing F1 and increasing F2, as expected. From the estimates, the larger t-values and
the p values above, the effect seems to be more pronounced for /ɛ/. Palatals on the right side of the
vowel have a less clear effect. In particular, the effect of the right-side context was not statistically
significant for F1 in /ɛ/, and was borderline for F1 in
/a/ (a t of |3| is usually considered a cut-off value).
There was also an effect of the interaction between
the left and right context for F1 in both vowels, but
not for F2. (Note that this interaction, due to the
structure of the target words, was tantamount to an
effect of Word, since each combination of left and
right context was represented by one word only.)
The contribution of Speaker as a random factor was
limited, as could be expected after normalization (cf.
[5] for an approach where normalization is not performed prior to a mixed effects analysis).
4. DISCUSSION
The raising and fronting effect of palatal consonantal
contexts on Polish /ɛ/ and /a/ is confirmed in general.
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This is to be expected, since palatal consonants involve a raising of the front of the tongue towards the
hard palate (cf. Ćavar et al. [16]). This articulatory
posture is evidently similar to high front vowels, and
it is unsurprising that the acoustic result is also similar.
However, some details do differ from earlier articulatory accounts. For both vowels, the effect is
stronger for a preceding palatal than for a following
one, contra [2], [10], [11], [13] and [15]. This may
suggest that the perseverative influence from a consonant to a following vowel is stronger here than the
anticipatory influence of a consonant on a preceding
vowel.
This makes the differences from Gonet [4] a little
unexpected. In his study, Gonet found the allophonic
effect in only one of four speakers, despite the fact
that most of the words he used included palatals in
the left-hand context only. Perhaps an explanation
could be sought in syllable structure. In some of
Gonet’s words, the CV pairing occurred in a final
unstressed syllable (e.g. wodzie, bracie). Here, the
left-hand palatal was always the onset of a stressed
syllable. The fact that the right-hand palatal was
across the syllable boundary in the onset of the second syllable may explain the weaker effect.
Also in contrast to [4], we speculate that, in our
study, the contextual effect is present in all speakers,
as suggested by Figure 2, even though individual intra-speaker statistical analyses were not performed
due to the relatively low number of tokens per
speaker.
More data will be needed to investigate the issue
more thoroughly in future research. In particular, a
larger dataset is necessary to study the effect of the
interaction between the two contexts independently
from word identity, and in structures where the
right-hand palatal is in the coda of the same syllable.
Using male speakers will allow a more direct comparison with [4] and [8]. Finally, a spontaneous corpus will enable a structured comparison between
stressed and unstressed positions.
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ABSTRACT
We examined the phonetic realization of oral and prenasal /æ/ in speakers from three distinct sub-regions
of California: Southern California, the Bay Area, and
the Central Valley. Four acoustic variables were
measured: two midpoint formant values (F1, F2),
diphthongization, and acoustic nasality. Results show
that speakers from the sub-regions exhibit distinct
patterns: Bay Area speakers showed the largest
differences in height, frontness, and diphthongization
for oral and pre-nasal /æ/. Meanwhile, Central Valley
and Bay Area speakers show differences in
nasalization between oral and pre-nasal /æ/
productions, suggesting that nasalization is increasing
in “ban” for these speakers relative to Southern
Californians.
Keywords: California Vowel Shift, Intra-regional
variation, Allophonic vowel split.
1. INTRODUCTION
The California Vowel Shift (CVS) is an ongoing
sociolinguistic change in the vowel system of
California English. The more salient aspects of the
CVS include fronting of the back rounded vowels,
which some consider to be a completed change [7].
Meanwhile, other vowel changes in the CVS seem to
be in-progress and highly variable. For example, the
splitting of /æ/ appears to be ongoing and particularly
variable [3, 4]. Here, we focus on variation in the
realization of the “nasal system” characterized by /æ/
raising before nasal consonant codas [12]. Often
described as “tense” /æ/, this raised variant is
produced with a higher and fronter tongue position.
The nasal /æ/ system is exemplified in many Western
US English dialects, including in California, where
/æ/ lowering and backing in oral contexts is also
reported to be a prominent feature [8, 4, 3].
While some studies focus on aspects of the CVS
by treating California as a monolithic dialect region,
without exploring intra-regional variation, e.g., [10],
there appears to be significant variation in the vowel
systems of the English spoken in the different subregions of California. Prior work has begun to
describe differences in the vowel space positioning of
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the /æ/ allophones across speakers of different ages,
from distinct sub-regions, and conveying varied
social indexes. For example, in a study of the northern
Central Valley, individuals who live in rural regions,
or associate more strongly with rural identity,
displayed less oral /æ/ backing, suggesting that the
change is indexing affiliation with more urban and
coastal regions of California [5]. In a follow-up study
looking at the positioning of the pre-nasal /æ/ in the
same Northern Central Valley region [16], it was
found that younger speakers, regardless of “country”,
or rural, affiliation raise and front /æ/ more in nasal
contexts. Meanwhile, Bay Area speakers have been
shown to produce the frontest realizations of prenasal /æ/ compared to other regions [4, 9].
However, the variation in vowel quality
associated with nasal codas, which leads to the /æ/
split in CVC and CVN contexts, actually involves
changes in multiple acoustic properties: in addition to
raising and fronting, pre-nasal /æ/ is becoming more
diphthongal, e.g., [14]. Furthermore, there are reports
of greater nasalization for pre-nasal /æ/ associated
with raised CVN variants [19]. Co-variation of
acoustic features in the context of a nasal coda would
not be surprising: for example, [13] demonstrated that
a varied opening of the nasopharyngeal passage also
affects the oral formant frequencies even when the
tongue position is the same. Yet, comparisons of
multiple acoustic properties of these allophones
across sub-regional varieties is understudied. In the
current study, we ask whether there is sub-regional
variation within California in the realization of the /æ/
split, in steady-state formant positioning,
diphthongization, and coarticulatory characteristics.
2. METHODS
2.1. Data Collection

In the current study, we collected two productions of
a CæC and CæN monosyllabic minimal pair
containing /æ/ (“bad” and “ban”). Speakers also
produced words containing the other monophthongal
vowel phonemes of English in the same phonetic
contexts. These words served as filler items for the
experiment and were also used to collect data on each

speakers’ vowel
space for formant-space
normalization.
Native California English speakers from three
regions were recruited: 34 Bay Area (1M, 33F), 18
Central Valley (3M, 15F), and 17 Southern California
(2M, 15F) speakers. Our subjects predominantly
consisted of women, which reflects the gender
balance in the UC Davis Psychology subject pool
they were recruited from. Nine subjects were also
speakers of Spanish. The geographical distinctions
between these regions is based on natural geographic
boundaries and county borders. The Central Valley is
defined as the valley bounded by the Sierra Nevada
mountains to the east and the Coastal Ranges to the
west, including Sacramento, San Joaquin, Tehama,
Stanislaus, Butte, Colusa, Yolo, Merced, Placer,
Madera, Kings, Kern, Fresno, Tulare, Shasta, and
Yuba counties. The Bay Area is defined as the urban
area surrounding the San Francisco Bay, including
Alameda, Napa, San Mateo, Santa Clara, Sonoma,
and San Francisco counties. Southern California is
defined as the mostly urban area south and/or west of
the Central Valley, including Santa Barbara, Ventura,
Los Angeles, San Diego, Riverside, San Bernardino,
Orange, and Imperial counties. In cases where
subjects listed multiple cities of residence, the city
where they spent their childhood and adolescence was
selected as their region of origin.
Audio recordings were made using a Shure
WH20 XLR head-mounted microphone and digitally
sampled at 44-kHz in a sound-attenuated booth.

used FAVE-extract to measure F1 and F2 at 35% and
65% of the total vowel duration to calculate spectral
movement. For each token, the relative spectral
movement, or degree of diphthongization, was
calculated based on the (log mean) Euclidean distance
between F1 and F2 values at 35% and 65% of the
overall vowel duration.
Degree of nasalization was measured acoustically
as A1-P0, or the difference in the amplitudes of the
first formant spectral peak (A1) and the lowest
frequency nasal formant peak (P0) [2]. As
nasalization increases, the amplitude (in dB) of nasal
formant peaks increases, while oral formant peaks
tend to be damped. The relative difference, then, of
the oral and nasal formants (=A1-P0) provides a
quantifiable measure which decreases as nasality
increases. A1-P0 measurements were made
automatically via script in Praat at vowel midpoints.
The script locates the first 2 harmonic peaks, based
on the fundamental frequency. The peak with the
higher amplitude is selected as P0, since a raised peak
in this frequency range is evidence of nasal
amplification. A1 is selected as the highest harmonic
peak within 2 harmonic peaks of F1, based on
formant analysis. Values were checked and handcorrected for pitch-errors. In order to compare
relative differences in degree of vowel nasalization as
realized in the oral and nasal contrast between vowels
across different individuals, A1-P0 values were zscored within speaker.
2.3. Statistical Analyses

2.2. Acoustic Analyses

Recordings were hand-segmented by phoneticallytrained coders. The onset and offset of the vowels
were considered to be the points at which there was
an abrupt increase or reduction in amplitude of higher
frequency formants in the spectrograms; an abrupt
change in amplitude in the waveform, along with
simplification of waveform cycles, was used to
corroborate these boundaries, especially in the case of
words with nasal codas.
Three types of acoustic measurements were
obtained from the vowels: midpoint F1-F2 values,
spectral movement (i.e., diphthongization), and
spectral nasality measurements.
Acoustic vowel measurements were extracted
using FAVE-extract [17]. F1 and F2 measurements
were taken at the midpoint (50% of vowel duration)
for each target vowel and log mean normalized [15].
Formant values were log-mean normalized based on
the average formant frequency values for all vowels
in the system, excluding those that are the most
established as being part of the California Vowel
Shift (e.g., back vowels and /∧/). We additionally
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Four separate linear mixed effects models were run
on normalized F1, F2, diphthongization, and acoustic
nasality values. The models were run in R using the
lmer function with the lme4 package [1]. Estimates
for degrees of freedom, t-statistics, and p-values were
computed using Satterthwaite approximation with the
lmerTest package [11]. All models included fixed
effects of Region (with three levels: Bay Area,
Central Valley, Southern California), word Structure
(CVC, CVN), the interaction between Region and
Structure, and by-Subject random intercepts. For the
acoustic nasality model, we additionally included the
fixed effect of vowel Duration (z-scored), as nasality
has been shown to vary by duration, e.g., [6]. Effects
were contrast coded.
3. RESULTS
3.1. Midpoint Formant Values

Results show a significant main effect of CVN
Structure for both F1 (F=280.6, p<0.001) and F2

(F=479.2, p<0.001): pre-nasal /æ/ vowels were
higher and fronter than oral /æ/ vowels across all of
our speakers (see Figures 1A and B).
Figure 1: (A) Log mean normalized (LMN)
formant values for /æ/ in oral (CæC) and nasal
(CæN) contexts by Region (Bay Area, Central
Valley, Southern CA). Ellipses show 2 sd and solid
circles show the means. (B) Mean (LMN) formant
values for all Regions and Context (CæC, CæN).

(see Figure 1B). No interaction for Central
Valley*CVN is observed, compared to Southern
Californians (β=-0.035, p=0.14). As seen in Figure
1B, Southern California speakers show greater raising
in CVC contexts; a releveled post-hoc model (ref
level=CVN) confirms the interaction between
CVC*Southern California (β=-0.053, p=0.011).
In terms of vowel backness (F2), our model
reveals an interaction between Structure and Region
(F=4.27, p=0.015), where Bay Area speakers show
more pre-nasal /æ/ fronting (β=0.054, p=0.008),
relative to Southern Californian speakers (see Figures
1A and B). As with F1, no interaction between
Region and Structure is observed for Central Valley
speakers relative to Southern California speakers.
3.2. Diphthongization

For diphthongization, we observe a main effect of
Structure (F=550.7, p<0.001): CVNs show more
spectral movement, relative to CVCs, for all speaker
groups. A main effect of Region was not significant.
Results reveal an interaction between Structure and
Region (F=7.01, p=0.001), where Bay Area speakers
show greater spectral movement for CVN tokens
(β=0.10, p<0.001), relative to Southern California
speakers (see Figure 2). There was not a significant
difference for Central Valley speakers by Structure.
Figure 2: Mean spectral movement (z-scored
within speaker) by region.

3.3. Acoustic Nasality

For the vowel height (F1) model, we additionally
observe an interaction between Region and Structure
(F=3.3, p=0.039): Bay Area speakers show more prenasal /æ/ raising (β=-0.053, p=0.011), compared to
Southern California speakers as the reference level
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For acoustic nasality, the model reveals a main effect
of Structure (F=189.4, p<0.001), where CVNs show
greater nasalization than CVC words (i.e., lower A1P0 values). While there was not a main effect of
Region (F=0.93, p=0.9), vowel Duration does predict
degree of nasality (β=-0.12, p<0.05), where shorter
vowels showed greater nasalization.

Furthermore, the degree of nasalization in CæC
vs. CæN words varies reliably across regions
(Structure*Region, F=5.97, p<0.001): Bay Area and
Central Valley speakers show larger differences in
nasalization between CæC and CæN words, relative
to Southern Californians’ productions (Bay Area: β=0.54, p=0.02; Central Valley: β=-0.67, p=0.01) (see
Figure 3).

the realization of this CVS features across California
sub-regions. One interpretation of these patterns is
that they reflect differences in the weighting of the
secondary features signaling the allophonic /æ/
distinction. Bay Area speakers rely more heavily on
vowel height, frontness, and diphthongization as a
cue to convey the oral vs. pre-nasal allophonic
distinction, relative to Southern Californians (Central
Valley speakers were not different from either of the
other groups on this dimension). Meanwhile, Central
Valley and Bay Area speakers weigh degree of
nasalization as a stronger cue to the oral-nasal /æ/
contrast, relative to those from Southern California.
These results indicate the importance of exploring
variation of multiple acoustic features during sound
change. Focusing solely on steady-state formants
when investigating variation obscures the complexity
of change in vowel systems.
Interestingly, we find that Southern California is
not most advanced in the splitting of these allophones.
This is somewhat surprising because, folklinguistically, it has been observed that Southern
Californian features appear to “stand in” for
California as a whole, in perceptual dialectology
work and broader stereotypes [18]. If this ideology
were true, we might expect to find all CVS features
are most advanced in Southern Californians.
However, what we find is more nuanced: different
sub-regions express this aspect of the CVS in distinct
ways.
These findings open up avenues for future work.
First, the perception of these multiple phonetic
features of split /æ/ system should be investigated. In
particular, one question is whether these differences
across sub-regions are mirrored in listeners’
perceptual cue weighting of these features. Another
avenue is to investigate how each of the various
acoustic features signal differences in socialindexicality. Previous work has suggested that an
advanced split /æ/ system indexes an orientation
toward urban, coastal, youthful, and white identities
[16, 5, 4]. Further research can also explore how
variation of these features within each of these
geographical sub-regions realizes indexicality.

Figure 3: Mean acoustic nasality (A1-P0) (z-scored
within speaker) at vowel midpoint by region.

4. GENERAL DISCUSSION
It is well-documented that /æ/ has a distinct
allophonic realization in pre-nasal contexts, relative
to other environments, in many American English
dialects. Yet, in this study, we investigated variation
in the realization of these multiple phonetic features
associated with this allophonic split across speakers
from three distinct sub-regions of California, who all
have this nasal system. Table 1 summarizes the
patterns we observe in the present study.
Table 1: Sub-regional variation patterns of the
acoustic properties for CæC-CæN.

Feature

Pattern

F1

CæN highest for Bay Area CæC
highest in Southern California
(i.e., lowering least advanced).

F2

CæN frontest for Bay Area

Diphthongization

CæN most diphthongal for Bay
Area

Acoustic nasality

CæN most nasalized in Central
Valley & Bay Area
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Figure 1: Formant plot of F1/F2 values for Madurese
vowels based on 15 speakers (from [17]).

We investigate native speaker perception of cues to
voiceless plosives in the Malayo-Polynesian
language Madurese. Madurese is described as having
a three-way laryngeal contrast between voiced,
voiceless aspirated, and voiceless unaspirated
plosives. However, voiceless aspirated and
unaspirated plosives are always followed by vowels
of different but predictable height, and their VOT
distributions overlap heavily, raising the question of
whether VOT or F1 is primary perceptual cue to this
contrast. The trading relation between VOT and F1 in
Madurese was investigated using 2AFC identification
and AXB discrimination paradigms. Results indicate
that the VOT differences between voiceless plosives
which exist in production are not exploited in
perception, suggesting that Madurese speakers may
not have distinct phonetic targets for aspirated and
unaspirated plosives. The surface VOT distributions
may instead be a result of differences in following
vowel height.
Keywords: Voicing, laryngeal contrast, speech
perception, Austronesian, phonology
1. INTRODUCTION
Madurese is a Western Malayo-Polynesian language
spoken primarily on the island of Madura and parts of
East Java, Indonesia [7, 22]. It is unusual among
languages of the region for its putative three-way
laryngeal contrast between prevoiced (/D/), voiceless
unaspirated (/T/), and voiceless aspirated (/Tʰ/) stops.
In addition, while there are 8 phonetic vowel qualities
in Madurese (see [6, 17] and Figure 1), they are
subject to an unusual CV co-occurrence restriction:
voiceless unaspirated stops, nasals, and initial liquids
are always followed by ‘non-high’ vowels [a ɔ ɛ ə],
while voiced stops, aspirated stops, liquids and glides
preceded by a high vowel are always followed by
‘high’ vowels [ɤ i ɨ u] (Table 1).
Phonetic vowel height is therefore predictable
based on the phonation type of a preceding consonant,
an analysis supported by morphophonological
evidence [5, 7, 22]. For example, prefixes can trigger
vowel height alternations in roots: /N/ ‘AV’ + [patɛ]
‘die’ → [matɛ] ‘AV.die’, with accompanying nasal
place assimilation, but /N/ + [bɤbɤ] ‘low’ → [mabɤ]
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ɔ
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ABSTRACT

1

a~ɤ
ə~ɨ
ɛ~i
ɔ~u
high
low

a

2

3

Table 1: CV co-occurrence restriction in Madurese.
Pair
Non-high
High
a - ɤ paʈɛ ‘coconut milk’ pʰɤʈɛ ‘profit’
bɤtaʔ ‘lift up’
ɔ - u pɔʈɔ ‘cake’
pʰuʈʰu ‘stupid’
budu ‘stale fish’
ɛ - i pɛrak ‘happy’
pʰiʈak ‘bird’
bisa ‘able’
ə - ɨ pəsːɛ ‘money’
pʰɨlːis ‘furious’
bɨrːɤʔ ‘heavy’

‘AV.low’, with the first [ɤ] surfacing as its non-high
counterpart. The phonation type of consonants also
controls vowel height in suffixes: [pʰuŋkɔs] ‘wrap’ +
/an/ ➝ [pʰuŋkɔsan] ‘wrapped thing’, but [bɤlis]
‘return’ + /an/ ➝ [bɤlisɤn] ‘returned thing’.
While the /T/- and /Tʰ/-series plosives show
distinctive phonological behaviour, it is nevertheless
unclear whether they involve separate phonetic
targets. In Thai, perhaps the best-studied language
with a three-way laryngeal contrast, the three
categories show discrete distributions in production
[14], are robustly distinguished on the basis of Voice
Onset Time (VOT) differences in perception [15],
and show discrimination peaks at the languagespecific margins of the labelling distribution for each
phoneme [1]. In Madurese, the VOT distributions for
the two voiceless plosive series are heavily
overlapping (Figure 2), with a mean difference
between /T/ and /Tʰ/ of only around 20 ms across all
places of articulation (Table 2). This raises the

question of whether Madurese listeners use these
small but significant VOT differences to distinguish
between voiceless stops in perception, or whether
they rely primarily on differences in F1. If listeners
are not sensitive to VOT differences, this might cause
us to revisit the description of the Madurese laryngeal
contrast as a three-category system.

a male speaker. The F0 of both tokens was modified
by ±10 Hz in the first syllable to give an average F0
of 170 Hz and by ±19 Hz in the second syllable to
give an average of 189 Hz, using the PSOLA
implementation in Praat [4]. The total duration of
both items was 550 ms with closure durations of 100
ms. Some examples are shown in Figure 3.

Figure 2: VOT distributions by phonation type,
after [16]. Dashed lines indicate mean values,
pooled across all places of articulation.

Figure 3: Examples of three identification task
stimuli based on [paʈɛ] ‘coconut milk’ with natural
vowel [a] and VOTs of 0, 20, and 40ms.

Frequency (Hz)

5000

1000

count

Voice
Voiced
Voiceless
Aspirated

0

0

500

0
-100

0
VOT

100

Table 2: Mean (standard deviation) of VOT
durations for Madurese plosives, in ms (after [16]).

/b d ɟ ɡ/
/p t c k/
/pʰ tʰ cʰ kʰ/

Bilabial
-69 (27)
10 (5)
30 (14)

Coronal
-57 (30)
12 (5)
29 (11)

Velar
-63 (33)
20 (8)
41 (18)

Palatal
-42 (43)
25 (8)
52 (16)

We studied the perceptual weighting of F1 and
VOT in Madurese with identification and
discrimination tasks using resynthesized natural
stimuli. If Madurese listeners behave like Thai
listeners, we expect to find a perceptual crossover
boundary at ambiguous VOT durations, and a
discrimination peak at this same boundary.
2. EXPERIMENT 1: IDENTIFICATION (2AFC)
2.1. Participants

16 native speakers of Madurese (6 female)
participated in the identification experiment. They
were all students (ages 18-21) at Universitas
Trunojoyo Madura. All participants were also fluent
in Standard Indonesian, and spoke English to varying
degrees. However, all were raised in Maduresespeaking households and reported being Maduresedominant in their daily interactions.
2.1. Stimuli

The stimuli were based on recordings of the items
[paʈɛ] ‘coconut milk’ and [pʰɤʈɛ] ‘profit’ produced by
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Time (s)

1.726

Based on the acoustic study of [16], Madurese [p]
has a mean VOT of 10 ± 5ms, and [pʰ] 30 ± 14 ms.
On this basis we created a 9 step VOT continuum
from 0 to 40 ms in 5 ms steps following the procedure
of [23]. Onset F0 was not manipulated, as for male
speakers it was found to be identical in the production
of both stops [16]. VOT cutback was not altered, so
vowel duration decreased as VOT increased, meaning
all stimuli were of constant duration.
For each VOT duration, we then created an 8 step
[a]-[ɤ] continuum starting from the naturally
produced [a] vowel, following the procedure of [24],
a modification of the LPC decomposition and resynthesis procedure implemented in Praat [4].
Naturally produced tokens of [paʈɛ] (F1/F2/F3:
755/1415/2180 Hz) and [pʰɤʈɛ] (540/1550/2315 Hz)
were downsampled to 10000 Hz, and the source wave
was extracted using a 12 pole LPC filter. Formant
contours were then computed from this inverse
filtered source and used to generate 6 intermediate
contours via linear interpolation. As the JND for F1
is in the range of 25-35 Hz [8], 8 steps were sufficient
to cover the F1 distance between vowels. Formants in
the burst and transition were not manipulated.
2.3. Procedure

Instructions and response choices were presented in
Madurese orthography (pateh for [paʈɛ] and bhâteh
for [pʰɤʈɛ]). Participants were first presented with 10
stimuli, drawn from the endpoints and ambiguous
regions of the continuum, to familiarize them with the
experiment. They then responded to 5 repetitions of
the 72 stimuli, randomized within blocks, by pressing
a keyboard button corresponding to one of the two
choices (pateh or bhâteh). Participants were
encouraged to take a short break after each block.

Due to errors in the data collection process, results
from 2 participants (1 female) could not be analyzed.
The responses from 2 additional participants (1
female) were discarded prior to analysis: one who
was at chance for all stimuli, and one who only ever
responded bhâteh.
2.4. Results

Aggregate results from the remaining 12 respondents
are shown in Figure 4. With the possible exception of
step 4, where mean F1 was in the ambiguous range
(645 Hz), there is no evidence of a trading relation
with VOT: identification is based solely on vowel
height, and tokens with ambiguous values are judged
more or less at chance. Accordingly, in a generalized
logistic mixed model (with random intercepts for
subject), the estimate for F1 is significant (β = -0.63,
p < 0.001) but not the estimates for VOT or the
F1:VOT interaction (β ~ 0 for both predictors).
Figure 4: Identification curves as function of VOT
by F1 step value, averaged over participants and
repetitions.
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3. EXPERIMENT 2: DISCRIMINATION (AXB)
Experiment 1 indicated that listeners did not, in
general, rely on VOT to make lexical decisions when
F1 was ambiguous. One possible explanation for this
result is that the VOT steps used were below the
threshold of discriminability. If Madurese listeners do
use VOT to distinguish between /T/ and /Tʰ/, they
should show a discrimination peak at the [p-pʰ]
category boundary (so at ~10-20ms on the VOT
continuum).
3.1. Participants

10 of the same listeners (5 female) who completed
2AFC task also completed the discrimination task.
3.2. Stimuli

The stimuli were the initial syllables of the
identification task stimuli (duration 240 ms). Given
the goal of the task, we took care to avoid lexical
items. Three vowel qualities were used: a natural [a]
(expected to accompany short-lag VOT), a natural [ɤ]
(expected to accompany longer-lag VOT) and the
resynthesized vowel with ambiguous F1 of 615 Hz
(unexpected). An AXB design was utilized to
minimize the potential impact of memory load.
Vowel qualities within an AXB triad were always the
same; they differed only in VOT, with the A and B
stimuli separated by 20 ms in both possible orders (so
0-20, 20-0; 10-30, 30-10; etc.), for a total of 48 unique
triads. Some examples are given in Figure 6.
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Figure 6: Examples of three discrimination task
stimuli with VOTs of 20 ms and three vowel
qualities, moving from natural [a] to natural [ɤ].
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Figure 5: Identification curves as function of VOT
by F1 step value by participant, averaged over
repetitions.
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3.3. Procedure
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Figure 5 plots the individual response patterns.
When F1 was maximally ambiguous (645 Hz), some
listeners show evidence for a faint trading relation,
but in the unexpected direction. Other listeners appear
to be responding categorically based on vowel height.
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Participants heard three repetitions of the 48 AXB
triads, randomized within block. The interstimulus
interval was 500 ms. Responses were given via laptop
keyboard. Participants were allowed and encouraged
to take a break after each block.
Due to errors in the data collection process, results
from 2 participants (1 female) were discarded prior to
analysis.

3.4. Results

Mean accuracy across all subjects and trials was 62%.
Individual results, separated by vowel quality, are
given in Figure 7. The x-axis gives the VOT value
spanned by the stimulus pair (e.g. the pairs 0-20/20-0
are indicated by 10; 10-30/30-10 by 20; etc.)
Although a few participants (m10, f7) show some
indication of better discrimination for the 0-20 and
10-30 pairs, a clear discrimination peak is not
generally visible. In a linear mixed model with terms
for SPAN, VOWEL and their interaction (including
subject-specific slopes for SPAN), no terms were
significant, although the subject-specific slope for
SPAN contributes significantly (𝜒2=14.12, p<0.001).
Figure 7: Discrimination as a function of VOT pair
by participant, averaged over repetitions.
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4. DISCUSSION
In general, Madurese listeners do not appear to attend
to differences in VOT when making lexical decisions
between stimuli differing both in covarying vowel
height and VOT. The AXB results further suggest that
Madurese listeners, although able to discriminate
between different VOT durations, may not have a
category boundary along the VOT continuum.
Before interpreting these findings further, we wish
to point out several potential methodological issues.
As seen in Figure 5, VOT and F1 may in fact trade
(albeit in an unexpected direction) for at least some
listeners in a very narrow F1 range. This effect might
be enhanced by employing a more acoustically
intermediate quality. It is also possible that the
inclusion of unambiguous F1 values discourages
listeners from attending to VOT at all, so it may be
necessary to repeat with an identification continuum
that includes only the ambiguous F1 range. With
respect to the discrimination task, the duration of
stimuli (240 ms, with 500 ms ISI) may have played a
role; extending the vowel length may give different
results, as may using stimuli with different onset
consonants, some of which have longer inherent
VOTs than the bilabial plosive used here.
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Assuming the results are robust, however, it seems
likely that a difference in vowel height, rather than
VOT, is the primary acoustic-perceptual cue
distinguishing words minimally differing in /Tʰ/ vs.
/T/-series plosives. What, then, accounts for the small
but significant differences in voicing lag time? Crosslinguistically, a correlation between vowel height and
VOT is not uncommon [12, 18, 20]. One possibility
is that this is due to the greater aerodynamic
resistance offered by high, close vowels, leading to a
delay in the transglottal pressure drop necessary to
sustain voicing [19]. As suggested by [3], the
mechanical relationship between vowel articulation
and intrinsic F0 proposed by [9] might be extended to
explain these effects: if contraction of the
genioglossus and extrinsic laryngeal muscles
increases vocal fold tension (and thereby phonation
threshold pressure), this could in turn delay voicing
onset, leading to longer VOTs before higher vowels.
Alternatively, speakers might be actively
increasing the lag before high vowels to make the
onset of the following vowel breathy, thereby
increasing spectral tilt and enhancing the low
frequency concentration of energy brought about by
high vowels' low F1 [11]. The fact that many
aspirated onsets in Madurese were probably voiced
historically [10, 21] may also go some way towards
explaining the minimal differences in voicing lag.
While it is clear that the voiced and aspirated
plosives pattern together phonologically, their
phonetic realizations are rather different. [16] failed
to find any consistent phonetic properties shared by
voiced and aspirated plosives that might underpin a
phonetically grounded feature such as [ATR] or
[lowered larynx]. Given the present findings
suggesting that listeners do not use VOT to
distinguish between two types of plosive in
perception, the Madurese laryngeal contrast might
actually be more accurately described as a ‘two-way’
system, like that of Malay or Sundanese [13],
distinguishing voiced from voiceless plosives. In
other words, despite their divergent phonological
behavior, Madurese speakers may not have distinct
phonetic production targets for aspirated and
unaspirated plosives.
5. ACKNOWLEDGMENTS
This work was supported in part by the Arts and
Humanities Research Council [AH/P014879/1].
Thanks to Alexander Martin for asking a question
which resulted in us discovering a small but critical
error in our analysis code, and to audiences at the
Edinburgh P-Workshop and Glasgow University
Phonetics Laboratory.

6. REFERENCES
[1] Abramson, A. S., Lisker, Leigh. 1970.
Discriminability along the voicing continuum:
cross-language tests. Proceedings of the 6th
International Congress of Phonetic Sciences,
Prague, 569–573.
[2] Anderson, S. 1991. Vowel-consonant interaction
in Madurese. In: Ann, J., Yoshimura, K. (Eds.),
Proceedings of Arizona Phonology Conference
4 (Vol. 4). Tuscon, AZ: Department of
Linguistics, University of Arizona, 1–15.
[3] Berry, J., Moyle, M. 2011. Covariation among
vowel height effects on acoustic measures. J
Acoust Soc Am 130(5), EL365–EL371.
[4] Boersma, P., Weenink, D. 2015. Praat: doing
phonetics by computer.
[5] Cohn, A. C. 1993. Consonant-vowel interactions
in Madurese: the feature lowered larynx. In:
Beals, K. (Ed.), Papers from the 29th Regional
Meeting of the Chicago Linguistic Society.
Chicago: Chicago Linguistic Society, 105–119.
[6] Cohn, A. C., Lockwood, K. 1994. A phonetic
description of Madurese and its phonological
implications. Working Papers of the Cornell
Phonetics Laboratory 9, 67–92.
[7] Davies, W. D. 2010. A grammar of Madurese.
Berlin: De Gruyter.
[8] Flanagan, J. L. 1955. A difference limen for
vowel formant frequency. The Journal of the
Acoustical Society of America 27(3), 613–617.
[9] Honda, K. 1983. Relationship between pitch
control and vowel articulation (No. SR-73).
New Haven, CT.
[10] Kiliaan, H. N. 1897. Madoereesche
spraakkunst. Eerste stuk: inleiding en klankleer.
Batavia: Landsdrukkerij.
[11] Kingston, J., Diehl, R. L. 1994. Phonetic
knowledge. Language 70(3), 419–454.
[12] Klatt, D. H. 1975. Voice onset time, frication,
and aspiration in word-initial consonant clusters.
Journal of Speech, Language, and Hearing
Research 18(4), 686–706.
[13] Kulikov, V. 2010. Voicing and vowel raising in
Sundanese, Stony Brook, NY. Presented at the
17th Annual Meeting of the Austronesian
Formal Linguistics Association.
[14] Lisker, L., Abramson, A. S. 1964. A crosslanguage study of voicing in initial stops:
acoustical measurements. Word 20(3), 384–422.
[15] Lisker, L., Abramson, A. S. 1970. The voicing
dimensions: some experiments in comparative
phonetics. Proceedings of the 6th International
Congress of Phonetic Sciences, Prague, 563–
567.

2382

[16] Misnadin. 2016. The phonetics and phonology
of the three-way laryngeal contrast in Madurese
(PhD dissertation). The University of
Edinburgh.
[17] Misnadin, Kirby, J. 2018. Madurese. Journal of
the International Phonetic Association 1–18.
[18] Nearey, T. M., Rochet, B. L. 1994. Effects of
place of articulation and vowel context on VOT
production and perception for French and
English stops. Journal of the International
Phonetic Association 24(01), 1–18.
[19] Ohala, J. J. 1981. Articulatory constraints on the
cognitive representation of speech. In: Myers,
T., Laver, J., Anderson, J. (Eds.), The cognitive
representation of speech. Amsterdam: North
Holland, 111–122.
[20] Ohala, M., Ohala, J. J. 1992. Phonetic universals
and Hindi segment duration. International
Conference on Spoken Language Processing,
Banff, 831–834.
[21] Stevens, A. M. 1966. The Madurese reflexes of
Proto-Malayopolynesian. Journal of the
American Oriental Society 86(2), 147–156.
[22] Stevens, A. M. 1968. Madurese phonology and
morphology. New Haven: American Oriental
Society.
[23] Winn, M. 2016. Make_VOT_Continuum.
Retrieved from
http://www.mattwinn.com/praat/Make_VOT_C
ontinuum_v12.txt
[24] Winn, M. 2016. Make_Formant_Continuum.
Retrieved from
http://www.mattwinn.com/praat/Make_Formant
_Continuum_v37.txthttp://www.mattwinn.com/
praat/Make_Formant_Continuum_v37.txt

BEYOND VOT IN THE POLISH LARYNGEAL CONTRAST
Geoffrey Schwartz, Ewelina Wojtkowiak, Bartosz Brzoza
Faculty of English, Adam Mickiewicz University in Poznań
geoff@wa.amu.edu.pl, ewojtkowiak@wa.amu.edu.pl, bbrzoza@wa.amu.edu.pl



ABSTRACT
Acoustic and perceptual studies of the Polish
laryngeal contrast in word-initial stops are presented.
The production study revealed expected pre-voicing
of /b,d,ɡ/, yet also showed evidence that /p,t,k/
should be characterized as [fortis], with effects on f0
and F1 at vowel onset. In a phoneme monitoring
experiment, Polish listeners recognized /p,b,t,d/ with
mismatched laryngeal cues. Voiced targets were
reliably identified when pre-voicing was absent from
the stimuli. Voiceless targets showed more serious
effects of the cue mismatches.
On the basis of these and other data, it is
proposed that [voice] is absent from the
representation of Polish /b,d,ɡ/, which are
phonologically unspecified, while /p,t,k/ are marked
as [fortis]. This proposal is compatible with the
familiar VOT typology under an aperture-based
view of phonological structure. Aspirates align
[fortis] with the closure phase of stops. Plain /p,t,k/
align [fortis] with the CV transition phase.
Keywords:
phonetics-phonology
interface
laryngeal cues, Polish, representation, voicing
1. INTRODUCTION
Despite the widely accepted VOT-based typology of
languages with two series of laryngeal contrasts
[11], issues arise with regard to both phonological
behavior and phonetic implementation. In so-called
‘voicing’ languages, we often encounter signs of
phonologically active voicelessness [2],[12],[20],
challenging the predictions of Laryngeal Realism
(LR) [1],[7], which assumes that voiceless stops are
unspecified for laryngeal features in voicing
languages.
Phonetic findings bearing on this issue include
more robust cross-linguistic interaction for /b,d,g/
than /p,t,k/ in L2 acquisition and L1 phonetic drift
situations. Assuming, after [4], that the principle of
equivalence classification guides such crosslinguistic phonetic interactions, it may be claimed
that /b,d,ɡ/, but not /p,t,k/, are phonologically
equivalent across languages. Relevant findings,
which have implications for L1 laryngeal
representation, include the following:
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In [6], it was observed that American English
speakers’ L1 /b,d,ɡ/ were affected by L2
Spanish, but their /p,t,k/ were not.
[14] and [21] found that Polish learners are
more successful in their acquisition of aspirated
/p,t,k/ in L2 English than they are at
suppressing L1 pre-voicing, which induces
errors such as [fejzbuk] ‘facebook’.
In a study of Greek-English bilingual children,
[3] observed a much greater degree of
interaction between the two languages for
/b,d,ɡ/ than for /p,t,k/.
[17] found that expatriate English speakers in
Czechia produced high rates of L2-induced prevoicing in their L1, but did not significantly
shorten VOT of /p,t,k/.

These findings all suggest phonological equivalence
between voicing and aspiration systems for voiced
stops, but not voiceless stops.
Additional findings also raise questions about the
the phonological status of closure voicing in voicing
languages. In Dutch, [19] observed that pre-voicing
was absent in approximately 25% of /b,d,ɡ/ items.
Meanwhile, [8] and [9] observed intervocalic closure
voicing in dialects of Italian and Spanish,
respectively. Intervocalic voicing is predicted by LR
not to happen in voicing languages [1]. With regard
to perception, [15] found that Polish listeners
discriminate the laryngeal contrast with high
accuracy when pre-voicing is absent from /b,d,ɡ/
tokens.
These facts suggest that in voicing languages,
/b,d,ɡ/ may not be specified with a phonological
feature [voice]. Rather, voicing may be claimed to
be an element of an acoustic carrier signal as
envisioned in [18], and formalized in the
representational system described in [13]. The
prediction of this system is that laryngeal cues at
vowel onset, including f0 and F1, should provide
evidence of ‘fortisness’ of initial /p,t,k/ in voicing
languages, while the perceptual weight of prevoicing should be limited to some extent. This paper
provides new acoustic and perceptual data from
Polish that bear on these issues.

2. PRODUCTION STUDY
2.1. Method

Fourteen native speakers of Polish, first year
students of English (B1-level proficiency), all of
them female, produced a list of citation form Polish
words with initial /b,d,ɡ/ and /p,t,k/. The following
vowels were /a/, /e/ and /o/. Items were elicited
using PowerPoint slides in a sound attenuated booth
at a Polish university. Annotation was done by hand
by the second author of this paper. Acoustic
measures were extracted using Praat scripts, and
included VOT, type of /b,d,ɡ/ realization (fully
voiced, partially voiced with a break in pre-voicing
of at least 20 ms before stop release, or unvoiced), as
well as mean f0 (in Bark) and F1 (in Bark difference,
F1-f0) over the first 25% of the following vowel. To
provide a baseline for the f0 analysis (cf. [5]), nasalinitial items were also recorded. Generalized linear
mixed models were run in SPSS, with speaker as a
random factor, and Voicing, Voicing*Vowel, and
Voicing*Place as fixed factors. A total of 1032
items, including nasal onsets, were analyzed for the
vowel onset measures (f0 and F1), and 797 items
(lenis-fortis) for VOT.
2.2. Results

Mean VOT was 43 ms (SD=18) for the fortis items
and -89 ms (SD=27) for the lenis items. Of the lenis
items, 88% were fully voiced, 11.2% were partially
voiced, and 0.8% were unvoiced. Partially voiced
items showed significantly longer negative VOT
(M=-109.6 ms, SD=22.4) than fully voiced (M=-87.1
ms, SD=24.3) realizations of /b,d,ɡ/, p<.001.
With regard to f0, using nasal-initial items as a
baseline it was observed that fortis items raised f0
(Intercept:nasal = 2.13); B=0.117, S.E.=0.02, t=5.39,
p<.001) but lenis items had no effect (B=.004,
S.E.=0.02, t=0.17, p=.863). These results are shown
in Figure 1.
Figure 1: Effects of consonant type on f0.

For F1 at vowel onset, fortis items showed
significantly higher F1 values (p<.001) than lenis
items for /a/ and /e/, but not /o/ (p=.814). These
results are summarized in Figure 2.
Figure 2: Effects of voicing on F1.

3. PERCEPTION STUDY
Our perception study consisted of a phoneme
monitoring task aimed at providing evidence about
the relative perceptual weight of VOT, f0, and F1 in
the laryngeal contrast in Polish.
3.1. Participants

38 native speakers of Polish participated in the
experiment. They were all first year students of
English at a Polish university between the ages of 18
and 24. 29 of the participants were female, 8 were
male, and one chose not to respond the initial
question about gender.
3.2. Stimuli

Stimuli for the phoneme monitoring experiment
were made from recordings of two native speakers
of Polish, one male and one female, producing the
pairs dam-tam ‘give-there’ and pas-bas ‘belt-bass’
in citation form. A number of filler items were
obtained from recordings of 8 additional speakers.
From the original recordings, acoustic manipulations
were made in Praat, yielding three types of stimuli,
summarized in Table 1.
Table 1: Stimulus types for monitoring task
Type
Mismatched cue
Matched cue
1
VOT
Pitch, F1Onset
2
Pitch
VOT, F1Onset
3
F1Onset
VOT, Pitch

The stimuli were designed to pit one laryngeal
cue to one series against two laryngeal cues to the
other. For example, a Type 1 token of /t/ had the prevoicing of that speaker’s /d/ pasted into the closure

2384

portion of the signal, while the f0 and F1 cues
matched the original /t/. A Type 1 token of /d/
simply had its pre-voicing silenced. For Type 2, the
original target productions of lenis and fortis items,
respectively, had their pitch at vowel onset raised or
lowered by 10%. In Type 3 tokens, the mismatched
F1 Onset was obtained by taking the opposite series
as the base. Type 3 lenis tokens were obtained from
original fortis ones, with their f0 at vowel onset
lowered and pre-voicing added to match the lenis
item. Type 3 fortis items were made by silencing the
pre-voicing and raising the f0 of the lenis items. For
each trial in the phoneme monitoring task, the target
stimulus was grouped into single sound files with
three other filler words, creating a sequence of four
words with a 150 ms interval between each of the
words. The position of the target item in the
sequence (1st, 2nd, 3rd, 4th) was counterbalanced. The
total number of experimental trials was 24 (3 types
of stimuli*4 target words* 2 speaker voices), with
24 additional filler items. With 38 participants this
yielded a total of 912 total responses for analysis.
3.3 Procedure

The experiment was carried out in E-Prime in a
psycholinguistic laboratory at a Polish university.
The experimental stations were equipped with highquality headphones. In each trial of the monitoring
task, an orthographic symbol matching the initial
sound of the target item (/p t b d/), or a sound
appearing in one of the fillers, was displayed on the
screen. After 500 ms, the recording of the sequence
of four words was played. The order of the trials was
randomized. Listeners were instructed to respond as
quickly as possible by pressing the SPACE key
when they heard the target phoneme in the sequence
of four words. If they did not hear the target
phoneme in the sequence of four words, listeners
were instructed to respond by pressing one of the
SHIFT keys. Participants were told to use their
dominant hand on the space bar for positive
responses, and their off hand on the corresponding
SHIFT key for negative responses. None of the
participants reported being ambidextrous, and none
reported any hearing deficiencies.

responses, those in which listeners identified the
target phoneme. For both binary and linear analyses
Stimulus Type*Fortis-Lenis was included as the
main fixed factor of interest, while participant was
included as a random factor.

3.4. Results

Figure 3 shows the proportion of positive responses
as a function of stimulus type, sorted for lenis and
fortis targets. When the target was lenis, the
mismatched cue did not have a significant effect on
the likelihood of a missed response. In other words,
voiced items without pre-voicing, voiced items with
a fortis-like pitch pattern, and voiced items with
fortis-like F1 onset were all recognized with nearceiling performance (>96%). Fortis targets showed
more variable responses. Pre-voiced fortis targets
(Type 1) were recognized 31.2% percent of the time,
significantly less frequently than f0 or F1
mismatches (92% and 94.9%). In a binary logistic
regression analysis, the VOT-mismatched fortis
items were the only ones that behaved differently
with regard to positive responses.
Figure 3: Proportion of responses in which target
phoneme was recognized

Figure 4: Mean RT for positive responses

3.4. Analysis

Statistical analysis concentrated on two dependent
variables. The first was binary, involving whether or
not the target phoneme was actually identified
(SPACE or SHIFT response). The second was
response time (RT), a continuous variable calculated
from the onset of the vowel following the target
phoneme. RT analysis was based only on positive
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For the analysis of response time, we consider
only those items in which the target phoneme was
recognized. In the case of the lenis targets, there
were no significant effects of cue mismatches. The
lenis items without pre-voicing, the ones with fortislike pitch raising, and the ones with fortis-like F1

onsets were all recognized with the same response
latency (p=.089). For the fortis targets, the F1
mismatches induced the slowest responses, followed
by VOT mismatches, and finally pitch mismatches.
Pairwise
comparisons
revealed
significant
differences in each case (p<.001).
4. DISCUSSION
Our studies provide perspective on the realization of
the word-initial laryngeal contrast in Polish, and the
relative weight of three laryngeal cues: VOT, f0, and
F1. In what follows, we will reflect on the
implications of our data for the phonological
representation of Polish laryngeal categories.
In the domain of production, we may note that
the VOT results are largely compatible with other
descriptions [10]. However, we also provide
previously undocumented (to our knowledge) data
on whether pre-voicing in /b,d,ɡ/ is constant or
interrupted. Interestingly, but not surprisingly,
partial pre-voicing was associated with greater
negative VOT, which is difficult to reconcile with
the traditional view that the feature [voice] is active
in Polish. Positing the feature [voice], one could
argue that the items with interrupted pre-voicing
exemplify both a weakening of the feature [voice]
on the one hand, and a segmental strengthening on
the other hand, since longer negative VOT is
associated with increased segment duration. This
apparent contradiction is avoided if we assume that
the Polish /b,d,ɡ/ are not in fact specified for the
feature [voice].
The f0 and F1 results constitute effects that, as far
as we know, had not been previously documented
for Polish. In the case of f0, including nasal items
enables us to suggest that voiceless items raise f0 in
Polish, while voiced items have no effect, which is
compatible with the view that Polish /p,t,k/ may be
described as [fortis].
The perception results may also be taken as
evidence in support of this phonological outlook.
Lenis target items were reliably and quickly
identified in the phoneme monitoring experiment
regardless of cue mismatches. Thus, pre-voicing was
by no means necessary for the recognition of /b,d,ɡ/,
nor did it accelerate processing speed relative to the
other cues.
The monitoring results for the fortis target items
are somewhat more difficult to interpret. The overall
results, by which fortis targets with mismatched cues
were recognized much less consistently than lenis
ones, suggests that listeners expected fortis items, to
a greater extent than lenis items, to contain acoustic
evidence of a phonological feature. This would
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explain why the consequences of cue mismatches
were more serious for the fortis items. Furthermore,
pre-voiced items with fortis-like f0 and F1 cues were
recognized as voiceless in 31.2% of cases, so it
appears that listeners may sometimes simply ignore
pre-voicing. At the same time, however, it was these
pre-voiced ‘fortis’ items that were recognized least
reliably. Since these items lacked silent closure, a
crucial perceptual cue to voicelessness, this result is
expected under the assumption of phonological
‘fortisness’. When a primary cue was absent,
recognition performance suffered. Note also that the
failure to identify fortis stops in a monitoring task
does not necessarily imply these items were heard as
lenis. The other finding of note for the fortis targets
was that F1 mismatches affected listeners more than
pitch mismatches, suggesting that the F1 cue carries
more perceptual weight than the f0 cue.
To summarize the phonological interpretation of
our results, it is proposed that Polish /p,t,k/ are
specified for a phonological feature [fortis], while
pre-voiced /b,d,ɡ/ lack phonological specification –
pre-voicing reflects the emergence of an acoustic
carrier signal [18].
Under this proposal, the question that remains is
how to reconcile a [voice]-less representational
system with the widely-accepted VOT typology for
languages with two series of consonants. This
reconciliation is possible if we adopt an aperturebased view of phonological structure [13] [16].
Stated briefly, in aspiration systems, the [fortis]
feature is assigned to the closure phase in the
representation of a stop, inducing long-lag VOT. In
voicing systems such as Polish, the [fortis] feature
aligns with the CV transition phase following stop
release. The consequence of this is that VOT
remains short, promoting the role of vowel-based
laryngeal cues such as f0 and F1.
5. FINAL REMARKS
A large body of phonetic and phonological evidence
suggests that the LR proposal is not entirely
adequate in its view of the phonetics-phonology
interface. We have presented new data from Polish
that presents additional challenges to LR, and at the
same time points to an alternative proposal.
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ABSTRACT
Voicing in Dutch fricatives is marked acoustically by
periodicity, duration, and intensity, but devoicing of
fricatives is common. Participants from NorthHolland and Limburg identified syllables starting
with fricatives without periodicity but varying in
duration (5 steps) and intensity (5 steps) to determine
whether duration and intensity are effective voicing
cues, and whether this depends on the level of
(de)voicing in the different areas.
Noise duration significantly affected identification, with up to 20% more voiceless responses for
longer fricatives, while intensity did not, indicating
that speakers of Dutch use fricative duration as a
perceptual cue for voicing in the absence of
periodicity. Interestingly, there were no significant
differences between the responses from participants
from Limburg and North-Holland nor any
interactions with region, suggesting that the use of
duration as a voicing cue is pervasive throughout the
Netherlands rather than dependent on the extent of
devoicing in varieties of Dutch.
Keywords: speech perception, fricatives, voicing,
cue weighing
1. INTRODUCTION
The Dutch phoneme inventory is generally described
as having both voiced and voiceless fricatives, but
there is considerable regional variation. The full
fricative inventory is shown in Table 1, including
post-alveolar fricatives that only occur in loanwords
or as a result of palatalisation [1]. For all supraglottal
places of articulation, a distinction is made between
voiced and voiceless fricatives, and this distinction
can be marked acoustically by periodicity in the
frication noise, frication noise intensity, and duration
of the frication noise.
An acoustic study of Standard Dutch
pronunciation across the Dutch language area [2]
showed that voiced fricatives were realised with
periodicity during more than half of the of the
duration of the frication noise, much more than in
voiceless fricatives, where the presence of periodicity
during up to 19% of the fricative duration was thought
to be the result of coarticulation with adjacent vowels.
In addition, it was reported that while the intensity of
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the frication noise differed mainly depending on place
of articulation, the intensity of most voiceless
fricatives was also slightly higher than voiced
fricatives with the same place of articulation, and they
found the durations of voiced fricatives to be on
average 12% to 21% shorter than voiceless fricatives.
In line with these findings, a different study on Dutch
labial fricatives [3] found a duration difference of
18% between [f] and [v], and similar patterns of noise
duration and amplitude have been reported for
English fricatives [4]. Noise duration and intensity
are thus well-established acoustic correlates of
voicing differences in fricatives in addition to
periodicity.
Table 1: Fricatives in Dutch.

voiceless
voiced

labial

alveolar

f
v

s
z

postalveolar
ʃ
ʒ

velar

glottal

x
ɣ

ɦ

Despite being traditionally described according to the
distinctions in Table 1, devoicing of the voiced
fricatives in Dutch, particularly in word-initial
position, has been noticed since the early 20th century
and is at various stages of completion in different
regions of the Dutch language area. Analysis of
voiced fricatives in Dutch and Flemish radio
broadcasts from 1935 to 1993 [5] showed that the
dominant realisation of /v/ in the Netherlands had
become [f] by the end of the documented period, /z/
was devoiced up to half the time, and /ɣ/ was hardly
ever voiced, in contrast with Flanders where /ɣ/ was
voiced more often and /v/ and /z/ were nearly always
voiced. In a more recent study [6], devoicing of the
labial plosive and fricative was investigated in
multiple regions in the Netherlands and Flanders.
Fricative voicing turned out to be retained to a much
larger extent in the regions in Flanders and the
southern Dutch region Limburg than in the north and
west of the Netherlands, but some level of devoicing
is now present in all regions.
Given the increasing overall loss of periodicity in
fricative productions and the regional differences in
this respect across the Dutch language area, the aim
of the current study was to investigate i) the role of
cues other than periodicity, i.e. duration and intensity,
in the perception of fricative voicing, and ii) whether

the use or weighing of these cues differs between
listeners from regions where devoicing happens more
(North-Holland) or less (Limburg) structurally. As
velar fricatives do not occur in North-Holland, rather
being realised as [χ], only the more anterior places of
articulation were included in the current study.
We expected that duration and intensity would
both influence fricative perception, with duration
possibly having a stronger influence than intensity
because duration is a more robust stimulus property
across places of articulation that is less affected by
listening conditions than intensity. With respect to
regional differences we expected either of the
following options: people from North-Holland might
use duration and/or intensity to a greater extent than
people from Limburg because they have more
exposure to devoiced fricatives, which might have led
them to tune in more to alternative cues in order to
maintain lexical contrast; alternatively, people from
North-Holland might be less sensitive to any of the
cues because they have fully neutralised the contrast.
2. METHOD
2.1. Participants

A total of 26 native speakers of Dutch who lived and
grew up in the regions North-Holland or Limburg,
and whose parents met the same criteria, took part in
the experiment. The final analysis includes data from
14 speakers from North-Holland (mean age 36) and 9
from Limburg (mean age 40), as 3 participants either
turned out not to meet the inclusion criteria or failed
to comply with the experimental procedure.

voiced and voiceless fricatives were increased by a
factor of 1.3 and 5 steps were interpolated along this
enhanced range. Crucially, all experimental items
were based on naturally voiceless fricatives where no
periodicity was present in the frication, they were
were only shortened and attenuated in order to elicit
the percept of a voiced fricative.
2.3. Procedure

The 25 versions of the 12 different base syllables
resulted in 300 unique experimental items, which
were identified by the participants in a 2-alternative
forced-choice task. Participants were seated in a quiet
room behind a laptop and heard the stimuli over
headphones. The question in the middle of the laptop
screen was always “Which consonant did you hear?”
and the two answer options were orthographic
representations of the relevant fricative pair: “f” and
“v”, “s” and “z”, and “sj” and “zj”. Participants were
familiarised with the sounds that the labels referred
to. After hearing each stimulus once, participants
responded by pressing a key associated with the left
or the right answer option. The stimuli were presented
in pseudo-random order with the same base syllable
never appearing twice in a row, and participants took
a self-timed break every 100 stimuli. Prior to the real
experiment, participants completed 6 practice trials
where they needed to identify natural plosive-initial
syllables to get used to the procedure. Participants
who made multiple mistakes on the practice trials and
participants with unrealistically short reaction times
were excluded from analysis.
3. RESULTS

2.2. Stimuli

Fricative-initial nonsense syllables including both
voiced and voiceless fricatives were recorded from a
phonetically trained female native speaker of Dutch
from the region of Haarlem. The duration and
intensity of the naturally voiced and voiceless
fricatives in these recordings were taken as the
starting point for the experimental manipulations to
preserve some of the natural variation. For the
experimental items, 12 different syllables starting
with a naturally voiceless labial, alveolar, or postalveolar fricative followed by [i], [u], [a], or [ɑ] were
altered using Praat [7] to create 25 versions per
syllable, with 5 different durations and 5 different
intensity levels. To determine the range of fricative
durations in the experimental items, the duration
differences between naturally voiced and voiceless
fricatives were increased by 8 ms on the lower and the
higher end, and 5 steps were interpolated along this
enhanced range. To determine the range of fricative
intensities, the intensity differences between naturally
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Participants’ responses were coded as either ‘voiced’
or ‘voiceless’. Table 2 shows the percentage of
‘voiceless’ judgements of the listeners from NorthHolland (panel A) and from Limburg (panel B) for
each step on the duration and intensity continua,
averaged over the different stimulus syllables. The
highest percentages of ‘voiceless’ judgements are
found in the upper right parts of the tables where both
intensity and duration are highest, which is expected
if intensity and duration are not only acoustic
correlates but also perceptual cues to fricative
voicing.
The responses were analysed using the lmer
package [8] in R [9]. A binomial model of the
participants’ responses was fitted with Duration and
Intensity as within-subject factors and Region as a
between-subjects factor, with random slopes and
intercepts for the within-subject factors and their
interaction. As we had no a priori expectations
regarding the effects of place of articulation and

vowel quality on participants’ judgements, these
factors were not included in the model.
Table 2: Percentage of ‘voiceless’ judgements by
participants from North-Holland (A) and Limburg
(B) along the 5x5 intensity and duration continua
with means per row and column. Darker shading
indicates more ‘voiceless’ judgements.
A: North-Holland
intensity (lowest to highest)

duration (shortest to longest)

% voiceless
responses

-1-

-2-

-3-

-4-

-5-

47,2

44,6

46,8

46,4

50,6

-5-

55

56

54

55

51

59

-4-

50,4

51

45

49

52

55

-3-

46

47

39

48

45

51

-2-

43

43

45

40

41

46

-1-

41,2

39

40

42

43

42

4. DISCUSSION

B: Limburg
intensity (lowest to highest)

duration (shortest to longest)

% voiceless
responses

-1-

-2-

-3-

-4-

-5-

53,8

51,6

52,8

56,8

55,8

-5-

66,8

64

68

64

70

68

-4-

58,4

55

55

58

64

60

-3-

53,2

54

50

52

52

58

-2-

46,2

48

41

46

51

45

-1-

46,2

48

44

44

47

48

Region, and the effect of duration was significant in
each individual group, with an odds ratio of 1.15
favouring ‘voiceless’ answers for longer durations
for listeners from North-Holland (95% c.i. from 1.03
to 1.28, p = 0.009) and an odds ratio of 1.21 for
listeners from Limburg (95% c.i. from 1.01 to 1.44, p
= 0.03). These results show that, in the absence of
periodicity, Dutch speakers interpret differences in
the duration of fricatives as voicing cues regardless of
their region of origin.

We found a significant overall effect of duration on
voicing perception, with higher odds of ‘voiceless’
answers for longer durations (odds ratio 1.18, 95%
c.i. from 1.06 to 1.31, p = 0.002), but no significant
overall effect of intensity (odds ratio 0.94, 95% c.i.
from 0.86 to 1.03, p = 0.17) and no significant overall
effect of Region (odds ratio 0.68, 95% c.i. from 0.34
to 1.36, p = 0.27). The results do not provide evidence
regarding the weighing of Duration and Intensity
relative to each other, as there were no significant
interactions between the experimental manipulations.
There were also no significant interactions with

2390

We set out to investigate how speakers in different
regions of the Dutch language area weigh duration
and intensity in the perception of fricative voicing, as
these cues are well-established acoustic correlates of
voicing. Our results show an overall effect of fricative
duration on voicing judgements, which is present in
both the North-Holland group and the Limburg
group, but not of intensity. The lack of an effect of
intensity is as likely to be the result of stimulus or
testing quality as of the lack of use of the cue in
general. Since the intensity of fricative noise varies
not just with voicing but also between places of
articulation [2,4], it could be that the variation in
place of articulation among the experimental items in
the current study discouraged listeners from using this
cue.
Unexpectedly, we found that people from both
North-Holland and Limburg used duration to judge
fricative voicing, in contrast with the findings in [10].
In their study, listeners from various regions in the
Dutch language area categorised syllables with an
initial labial fricative that varied in the level of
periodicity during the noise (9 steps) and the noise
duration (9 steps). Listeners from all regions were
sensitive to the level of periodicity, but not all in a
categorical manner, with those from strongly
devoicing areas showing more gradient responses.
Duration, on the other hand, did not influence
listeners’ categorisations at all in the regions most
comparable to those in our study, Limburg and SouthHolland.
Taken together, these findings suggest that even
though fricative voicing has multiple acoustic
correlates, listeners do not always weigh all these
cues in perception, but rely fully on the cue that is
most salient in the current context – periodicity in
[10], and duration in the current study. The
availability of duration as a perceptual cue to fricative
voicing in both the North-Holland and the Limburg
groups indicates that even in strongly devoicing
regions, the phonological contrast is maintained by
speakers of Dutch. This is in line with phonological

accounts of Dutch fricative voicing that posit length
as the fundamental opposition [11].
5. CONCLUSION
The reliability of duration as an acoustic correlate of
phonological voicing in Dutch fricatives has been
firmly established, but its relevance in perception was
not as clear. We show in the current study that
speakers from different regions in the Netherlands
that are known to differ in the extent of fricative
devoicing all use duration as a voicing cue in the
perception of initial fricatives when there is no
voicing in the signal. This suggests that listeners can
flexibly select the acoustic cues that map onto
phonological categories in a given situation, and that
even in strongly devoicing regions speakers maintain
a phonological contrast.
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ABSTRACT
A recent, cross-linguistic study shows that, under
certain experimental conditions, listeners have
trouble shifting perceptual attention from breathiness
to pitch but not from pitch to breathiness. The
hypothesis put forth to explain this asymmetry is that
listeners are associating differences in breathiness
with differences in pitch, but they are not associating
differences in pitch with differences in breathiness.
The current study tests this hypothesis using a cue
weighting task. English listeners categorized auditory
stimuli in which there was strong evidence that one of
the two cues, pitch or breathiness, is informative, and
no evidence that the other cue is informative. If the
hypothesis is correct, we would expect listeners
learning to use breathiness to also attend to pitch, but
we would not expect listeners learning to use pitch to
also attend to breathiness. Results show a marginal
effect in this direction, providing weak support for the
hypothesis.
Keywords: perception, cue weighting, asymmetry.
1. INTRODUCTION
It has been shown that pitch, the percept of f0, and
breathiness, a voice quality characterized acoustically
by a larger difference between the amplitude of the
first harmonic (H1) and the amplitude of the second
harmonic (H2), have effects of perceptual
interference (e.g. [3], [16]) in the sense of Garner [6].
Two dimensions may interfere because they are
perceived holistically [7]. Based on this idea,
proponents of auditory enhancement theory claim
that some pairs of dimensions form intermediate
perceptual properties (IPPs) that mediate between
raw acoustics and phonological contrasts [13]. Since
breathiness is characterized by a much stronger H1,
the lowest harmonic, than higher harmonics, this
voice quality, together with low pitch, contributes to
the percept of low-frequency energy [12]. Because
pitch and breathiness are perceived holistically,
interference between these two dimensions should
always be symmetric.
Alternatively, interference effects can stem from
crosstalk between different processing channels [17].
Unlike auditory enhancement, this theory allows for
asymmetric interference, which can result from
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unidirectional crosstalk between two dimensions that
are interpreted at different processing levels (see [17]
for example). However, given two dimensions that
are interpreted at the same level, crosstalk between
them is also expected to be bidirectional.
Results from a recent study pose a challenge to the
symmetric interference predicted by both of these
theories for pitch and breathiness. Listeners were
trained to categorize auditory stimuli using either
pitch or breathiness, then they were forced to shift
their attention to the other of these two cues. In the
incongruent condition, where the natural relation
between pitch and breathiness is reversed, listeners
who were trained on pitch could shift their attention
to breathiness, but listeners who were trained on
breathiness could not shift their attention to pitch
[23]. This was true for English listeners, who do not
have experience using these cues for any phonemic
contrast, Chinese and Gujarati listeners, who use one
of these cues for a phonemic contrast, and Hani
listeners, who have a phonemic contrast that uses both
of these cues.
These results show that interference between pitch
and breathiness is asymmetric. If pitch and
breathiness are perceived as a single IPP, then
attentional shift between the two should be equally
difficult in either direction when the cues are
incongruently correlated. The crosstalk account
correctly predicts asymmetric interference for
Chinese and Gujarati listeners, where one of the cues
is phonemic whereas the other is phonetic, and thus,
in different channels. However, because pitch and
breathiness are both phonetic or phonemic for English
and Hani listeners respectively, any interference
between the two dimensions is predicted to be
bidirectional. However, listeners in all 4 groups had
asymmetric interference. Thus, these results are not
consistent with either account.
Yang and Sundara [23] offer a third account for
the asymmetric interference between pitch and
breathiness. They propose that listeners associate
differences in breathiness with changes in pitch, but
they do not associate differences in pitch with
changes in breathiness. Support for the perceptual
association of breathiness to pitch comes from studies
showing that listeners can estimate the pitch range of
talkers based on spectral tilt information (e.g. [10],
[11]) If indeed the dependency between the two cues
holds, then the results from Yang and Sundara [23]

could be explained as follows: Listeners shifting their
attention from breathiness to pitch experience
interference, while listeners shifting from pitch to
breathiness can treat the latter as a novel cue.
The current study aims to test the asymmetric
dependency hypothesis more directly. Here, in a cue
weighting task similar to the one in Yang and Sundara
[23], English listeners categorized auditory stimuli in
which there was strong evidence that either pitch or
breathiness alone is informative for the contrast, and
no evidence that the other of these cues is
informative. They were then tested on critical stimuli
that change only in pitch but had a constant
breathiness, and on stimuli that change only in
breathiness but had a constant pitch. Listeners were
expected to attend mostly to the dimension they were
trained on. However, if listeners associate one cue to
another, then we would also expect them to attend
somewhat to the other cue, despite there being no
evidence for it in the input. Thus, the asymmetric
dependency hypothesis would predict specifically
that listeners trained on breathiness would pay more
attention to the uninformative pitch cue than listeners
trained on pitch to the uninformative breathiness cue.
The following section describes the details of the
study design.

The acoustic parameter used to manipulate
breathiness in this study was H1-H2, e.g. [4] and [8],
whose values ranged from -3.67 to 33.03 dB. This
range, 36.7 dB, is ten times the just-noticeable
difference (JND) for English listeners, that is, 3.67 dB
[15]. Though this is a larger range than what is
typically measured in speech (e.g. [5]), two trained
phoneticians judged the endpoints to sound natural
given the auditory impressions of the stimuli. The
purpose of extending the range was so that the
breathiness scale matched the pitch scale in number
of JNDs.
Pitch was manipulated by changing fundamental
frequency (f0) measured in Hertz (Hz). The pitch
dimension ranged from 96 to 126 Hz. The 30 Hz
range was also set at ten times the JND for English
listeners, approximately 3 Hz [14], to perceptually
match the breathiness scale. The maximum and
minimum points of the scale are within the normal
range for the male human voice.
Figure 1: Stimuli distribution for the current study.

2. METHOD
2.1. Participants

66 undergraduate students participated in the study
for course credit. All were native speakers of
English. 12 of these participants were excluded for
speaking an additional language fluently or natively.
One participant was excluded for not completing the
study. Participants did not have any known hearing
impediments.
2.2. Stimuli

2.1.1. Stimuli in the current study
The distributions of the auditory stimuli used in this
study were based on the stimuli used in the Yang and
Sundara [23] study in which the asymmetry was
found. Whereas their stimuli had one very
informative, distinctive dimension and one weakly
informative, non-distinctive dimension, the stimuli in
the current study removes any evidence for categories
along the non-distinctive dimension by neutralizing
the category difference for that cue. Thus, if listeners
assign a non-zero weight to the non-distinctive cue,
then it could not have come from what they have
learned from the input. The distributions of these
stimuli are shown in Figure 1.
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In Figure 1, the 86 black dots in each distribution
represent training stimuli. These dots form two
clusters, which correspond to two categories of
speech sounds. The categories are distinct along one
dimension (i.e. have differentiated means, and small
within-category variance) and are not distinct along
the other dimension (i.e. have the same mean, but also
have large within-category variance).
The white dots in Figure 1 represent the critical
stimuli. These 50 stimuli are identical across the two
stimuli distributions, Distinctive Breathiness and
Distinctive Pitch. 25 of these stimuli are held at a
constant pitch of 111 Hz which is ambiguous between
the two categories along this dimension, but they vary
along the breathiness dimension from 0 to 29.36 dB
by increments of 1/3 JND (~1.22 dB). The other 25
test stimuli are held at a constant H1-H2 of 14.68 dB
which is ambiguous between the two categories along
this dimension, but they vary along the pitch
dimension from 99 to 123 Hz by increments of 1/3
JND (1 Hz).

The 222 unique stimulus tokens – 86 training
tokens for the Distinctive Breathiness training set, 86
training tokens for the Distinctive Pitch training set,
and 50 critical tokens – were synthesized using Voice
Synthesis [1]. Using an inverse-filtered male voice
sample of the [ɑ] vowel as the base, pitch and
breathiness were manipulated in that order. Pitch was
controlled by changing the f0 parameter. Breathiness
was changed by increasing or decreasing the
amplitude of the first harmonic. After each vowel was
synthesized with specific pitch and breathiness
measures, a [t] was spliced onto each token in Praat
[2] to form the syllable [tɑ].
2.3. Procedure

In this study, there’s no shifting of attention from one
cue dimension to another. Half of the participants
were trained and tested on the Distinctive Breathiness
stimulus set, and the other half were trained and tested
on the Distinctive Pitch stimulus set. Each participant
heard three training blocks followed by one test
block, as shown in Figure 2.
Figure 2: Study procedure for each participant.

2.4. Analysis

An additional 9 participants were excluded from
analysis for performing below chance on the training
trials in the test block, 3 from the Distinctive
Breathiness group and 6 from the Distinctive Pitch
group. A total of 44 participants were included in the
final analysis, 22 in each group.
Cue weights for breathiness and pitch were
obtained for each participant by running a logit
binomial regression on the category choice (A or B)
of critical trials. The equation is given in (1).
(1) logit(choice) = int. + ω*breathiness + ω*pitch,
Where ω is cue weight.
The pitch and breathiness values of critical stimuli
were the model predictors. In the model output then,
the coefficients of pitch and breathiness are a measure
of how well changes in each dimension predict the
listener’s category choice. A higher coefficient
indicates that increments in that dimension increase
the log odds of choosing a category (e.g. A). Thus, the
model coefficients were taken as a proxy for how
much attention listeners paid to each cue.
Consistent with our a prior predictions, the cue
weights on the non-distinctive cues in each condition
were compared using a one-tailed independent
samples t-test. Statistical comparisons were run in R
[16] using the built-in t.test function.
3. RESULTS
The breathiness cue in the Distinctive Breathiness
condition and the pitch cue in the Distinctive Pitch
condition were compared first to ensure equal
learning of the distinctive cues between the two
groups. Their cue weights are given in Figure 4.

In each of the three training blocks, participants heard
the 86 training trials in randomized order. They then
heard the test block which had the 86 unique training
trials as well as the 50 critical trials.
For each trial, participants heard an auditory
stimulus through headphones, made a binary choice
on the keyboard, and were given visual feedback, as
shown in Figure 3.

Figure 4: Distinctive cue weights. Breathiness (left)
from the Distinctive Breathiness condition and
pitch (right) from the Distinctive Pitch condition.

Figure 3: Study procedure for each participant.

Figure 4 shows that listeners weighted the
distinctive cues the same, regardless of whether they
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were learning breathiness or pitch, t(41) = .262, p =
.795.
Having established the equal learning between the
two groups, we now turn to the non-distinctive cues,
pitch in the Distinctive Breathiness condition and
breathiness in the Distinctive Pitch condition. Their
cue weights are shown in Figure 5.
Figure 5: Non-distinctive cue weights. Pitch (left)
from the Distinctive Breathiness condition and
breathiness (right) from the Distinctive Pitch
condition.

The weights of the non-distinctive cues are clearly
lower than those of the distinctive cues, as is to be
expected. However, the prediction was for pitch in the
Distinctive Breathiness condition to be weighted
higher than breathiness in the Distinctive Pitch
condition. The two sets of non-distinctive cue weights
were thus subjected to a one-tailed independent
groups t-test where equal variance was not assumed,
which shows that the cue weight of pitch is
marginally higher than the cue weight, t(42) = 1.61, p
= .057.
4. DISCUSSION AND CONCLUSION
In this study, I tested a hypothesis that breathiness and
pitch are asymmetrically dependent; listeners
associate differences in breathiness with higher or
lower pitch, but they do not associate changes in pitch
to different degrees of breathiness. Listeners in the
study were trained to categorize sounds in which one
of these cues was informative to the contrast, but the
other cue was uninformative, giving them no reason
to use the other cue at all. The cue weights of listeners
learning to use breathiness for categorization were
compared to the cue weights of listeners learning to
use pitch. In particular, I was interested in whether the
uninformative cues were differentially weighted.
A strong version of the enhancement theory, in
which pitch and breathiness are perceived as a single
IPP, would predict that the use of one dimension for
categorization should generalize fully onto the other
dimension. This was clearly not the case as here, the
cue weights for the non-distinctive dimensions were
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lower. The crosstalk theory predicts that equally little
weight would be assigned to both non-distinctive
cues. This was also not supported. If the asymmetric
dependency hypothesis is correct, then we would
expect listeners’ categorization using the breathiness
cue to generalize onto the pitch cue more than the
reverse. This was marginally supported, lending some
support to the asymmetric dependency hypothesis.
The asymmetry between pitch and breathiness was
robust in the Yang and Sundara [23] experiments,
while it was weak in the current experiment. This
difference could be due to task effects; the asymmetry
may be brought out when listeners must shift their
attention from one cue to another. A natural place
where this might be observed is in diachronic sound
change involving contrast transfer, where a phonemic
contrast cued by one acoustic dimension gradually
becomes cued by another acoustic dimension. Given
the directionality of the asymmetric dependency, we
should expect there to be more contrast transfer from
breathiness, or voice quality, onto pitch than the
reverse. This seems to hold true typologically if we
consider a change in voice quality to be an
intermediate step in the process of a consonant
voicing contrast becoming a tone contrast (see e.g.
[21]). There have been more instances of transfer
from consonant voicing and voice quality to a tonal
contrast (e.g. Vietnamese [21], Chinese [9], Eastern
Cham [18]), than from tone to a voice contrast,
Quiaviní Zapotec being the only language for which
such a claim has been made [22].
In sum, this study found weak evidence that pitch
and breathiness are asymmetrically dependent,
corroborating findings from previous studies as well
as the typology of diachronic sound change involving
these two acoustic dimensions.
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ABSTRACT
Bengali exhibits a four way phonemic contrast in
voicing and aspiration, allowing distinctions like e.g.
[p, pʰ, b, bʰ]. These distinctions cut across stops as
well as affricates in five places of articulation
(labial, dental, retroflex, velar for stops and palatealveolar for affricates), within singletons (in all word
positions) and geminates (only word medial). The
voicing distinction of stops and affricates is
primarily manifested by the presence or absence of
glottal pulsing during oral closure, which is
generally sustained throughout the entire length of
the closure or at least continues for a considerable
duration of the whole closure length (cf. [4]). This
paper investigates East Bengali stops and affricates,
focusing on the correlation of F0-perturbations with
respect to the voice, quantity (singleton~geminate)
and aspiration contrast in different prosodic
environments for sentence (level) and question
(rising) intonation.
Keywords: F0, Tonogenesis, VOT, Aspiration,
Bengali
1. INTRODUCTION
It has been known for a long time that microprosodic F0-perturbations support the voice(less)ness of consonants [3] and that the presence of a
higher or lower F0 after voiceless and voiced stops
lead to the development of tones in certain
languages, first suggested by Haudricourt [1]. Given
that F0 was of primary importance in our
investigation, two different speech modes were
examined: declarative sentences (level intonation)
and yes/no questions. Consequently we could
compare F0 differences across different intonation
types. In Standard Colloquial Bengali (SCB) spoken
in Calcutta, India, the Yes-No question is known to
end with a rising-falling LHL (low-high-low)
contour [2]. One of the issues, therefore, would be to
see how the intonation contour was realized in East
Bengal (EB) but more importantly how it interacted
with F0 realisations in a voicing contrast.
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In a production study we analysed the F0 microcontours of two female and two male speakers after
the release under the condition of level and yes/no
question intonation contours of 172 words. The
results provide evidence for a distribution of F0
onsets that contrast voiceless being higher than
voiced ones, geminates higher than singletons, and
aspiration was found to have a general lowering
effect on F0.
2. METHODOLOGY
2.1. Stimuli

Five different words were chosen for each of the 35
phonemes listed in Table 1. (However, for the
voiced aspirated retroflex stops only two words
could be found.) A total of 172 words we tested with
four speakers using two intonation patterns. The
material containing the crucial segments in
intervocalic environment (CVC) consisted of 145
disyllabic, 22 trisyllabic and 5 four-syllable Bengali
words. In 166 of the cases the vowel following the
crucial segments was located in the second syllable
of the word and in 6 of the cases it was in the third
syllable. The preceding vowels were /i, u, o, ɔ, e, æ,
a/. The following vowels on which we performed the
F0 measurements were /o, ɔ, e, æ, a/, but not /i/ or
/u/ to reduce confounding with the intrinsic higher
F0, which is generally attributed to these high
vowels. The two contrastive prosodic environments
were (i) neutral intonation (level intonation), which
was tested in four repetitions and (ii) yes/no question
intonation, which was tested in three repetitions.
Thus the whole data comprised 4816 words.
Table 1: Stop and affricate inventory of EB.
labial
p/b
- / bʰ
pː / bː
- / bːʰ

dental
t̪ / d̪
t̪ ʰ / d̪ ʰ
t̪ ː / d̪ ː
t̪ ːʰ / d̪ ːʰ

retroflex
ʈ/ɖ
ʈʰ / ɖʰ
ʈː / - / ɖːʰ

palato-alveolar
tʃ / dʒ
tʃʰ / dʒʰ
tʃː / dʒː
tʃːʰ / dʒːʰ

velar
k/g
kʰ / gʰ
kː / gː
kːʰ / -

2.2. Participants

Four paid native speakers of East Bengali (Dhaka
dialect, which is usually considered to be the
standard in Bangladesh) – two male and two female
(henceforth M1, M2, F1, F2) aged between 20 and
30 with no report of speech disorders – participated
in the experiment. The recordings were conducted in
Dhaka/Bangladesh with graduates from the
university of Dhaka who had learnt English as a
second language.
2.3. Procedure

The stimuli were presented on four differently
randomized lists on paper, corresponding to four
repetitions. During the first four repetitions the
subjects were instructed to read each word at normal
utterance speed in a flat (monotone) intonation.
However, in a few cases a slight effect of list reading
was not avoidable, which resulted in a minor upward
movement of pitch on the last syllable of each word.
The repetitions from list one to three were presented
again but this time subjects had to pronounce each
word with a yes/no question intonation. They were
instructed to imagine a situation where someone said
a word that they did not understand and they would
repeat the word they thought they heard, to find out
if they did hear it correctly. All subjects uttered the
said intonation contour very consistently. In the rare
case of an improperly produced contour the
respective word was noted down by the
experimenter and presented again for a separate
reading at the end of a repetition.
In order to measure F0, pulse marks for each
glottal pulse were added (manually set with a semiautomatic assistance) at the relevant points of the
signal – starting at the onset of regular glottal
pulsing after ACT. The duration of each pulse was
converted into frequency. By connecting the
frequency values, a curve is obtained which shows
the changes of fundamental frequency from one
glottal pulse to the next.
3. ANALYSIS
3.1. Design

The F0 perturbations were analysed for the first six
glottal pulses after ACT. In order to ensure the L-H
intonational contour of the yes/no question across
the crucial segments, six words that did not show the
appropriate prosodic pattern were excluded from the
set with question intonation. An ANOVA of F0 was
performed with the following factors in a complex
model: voice (voiced, voiceless), quantity (singleton,
geminate), intonation (level, question), aspiration
(aspirated, unaspirated), glottal pulse (1, 2, 3, 4, 5, 6
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– treated as a nominal variable), place (labial, dental,
velar, palato-alveolar/affricate) and participants
(M1, M2, F1, F2) as a random factor.
In terms of place of articulation, an initial
analysis had shown that the F0 curves of the
retroflex stops exhibited irregular and inconsistent
patterns with respect to voice and consonant
quantity. These irregularities could not be attributed
to a particular feature or to a particular subject.
Since none of the obstruents in the other places of
articulation showed such an inconsistency, the
retroflexes were excluded from the calculations.
Further were items excluded, where no F0 was
computed reliably, items that were erroneously
pronounced, and those whose F0 trajectory was
recognized as an outlayer (e.g. octave jumps). The
remaining number of tokens, which went into the
analysis, was 3841.
3.2. Results

There was a significant overall effect for voice
F(1,3)=46.9; p≤0.006, quantity F(1,22804)=1025.0;
p≤0.001,
intonation
F(1,3)=58.8;
p≤0.005,
aspiration F(1,3)=11.6; p≤0.042 and place
F(3,9)=11.6; p≤0.002. F0 was found to be higher in
voiceless than in voiced obstruents, it was higher in
geminates as compared to singletons, it was higher
for the unaspirates than for the aspirates. In terms of
place of articulation, a post hoc test showed that F0
was highest in the palato-alveolar affricates as
compared to the stops which did not differ
significantly from each other (labial vs. dental n.s;
labial vs. velar n.s; labial vs. palato-alveolar
affricates p=0.0008; dental vs. velar n.s; dental vs.
palato-alveolar affricates p=0.0006; velar vs. palatoalveolar affricates p=0.0086). There was a
significant interaction between aspiration and
intonation F(1,22804)=322.6; p≤0.001 indicating
that the aspirates had a significantly lower F0 in the
question condition (p=0) but not in the neutral
condition (p=0.41). A post hoc test on the interaction
between aspiration, intonation and pulse (which was
at the border of significance at F(5,22804)=2.14;
p≤0.058) showed that the aspirates had a
significantly lower F0 when produced with question
intonation along all six glottal pulses, but in neutral
intonation, significance was met only at pulses 1 and
2. Another significant interaction occurred between
place and voice. In the voiced condition, a post hoc
test of the dental and labial stops against the velar
stops revealed a significant difference, as well as the
stops (labial, dental and velar) against the affricates
(palato-alveolar). In the voiceless condition the post
hoc comparison revealed only a significant
difference for the stops against the affricates but not
for the within stop comparison.

4. DISCUSSION
4.1. Voice and Quantity

The curves corresponding to the voiced obstruents as
well as to the singletons had a lower fundamental
frequency than the related counterparts. This
suggests, that the F0 perturbations in Bengali have
multiple functions. They serve as an acoustic
parameter for the distinction of voice and
additionally as a parameter for the distinction of
consonant quantity. This issue becomes transparent
if these two parameters are displayed in one graph
(Fig. 1). The highest F0 is found with the voiceless
geminates, next is the curve of the voiceless
singletons, located below are the voiced geminates
and the lowest F0 is found with the voiced
singletons. This four-way division of F0
perturbations in respect to voice and quantity was
found in principle across all subjects. The individual
realisations, however, varied between the four
speakers.
Figure 1: F0 contours of the first 6 glottal pulses
after the ACT of voiced and voiceless singleton
and geminate obstruents.

4.2. Place and manner

We found higher F0 values for the voiced and
voiceless palato-alveolar affricates than for any
stops. The voiced velars had slightly higher values
than the labials and dentals but in the voiceless
series they showed a strong tendency to merge with
the other stops.
4.3. Aspiration

Aspiration had the tendency to lower F0. While this
lowering effect disappeared after the second glottal
pulse in neutral intonation it was present throughout
in question intonation. In a similar fashion the
lowering induced on F0 by aspiration was stronger
in the voiced series than in the voiceless one.
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Although the overall results showed significance in
both cases, a comparison along each of the six
glottal pulses revealed that in the voiced series
significance was met from pulse 1 trough to pulse 4,
while in the voiceless series only the first two glottal
pulses had a significant difference. This behaviour
can be accounted for by the strong pitch depressing
influence in the production of stops that are both
voiced and aspirated.
In respect to intonation a closer inspection of the
curves seems to indicate that the lowering basically
consists of two distinct types. (i) There is a
trajectory downward found mainly on the first
glottal cycle, which appears in neutral as well as in
question intonation. (ii) In question intonation the
whole curves of the aspirates are generally lowered
and shifted downwards in relation to the unaspirates,
while in neutral intonation they tend to merge with
the unaspirates shortly after the aforesaid downward
fold during the first or the first two glottal cycles.
4.4. Intonation

Speakers seem to strengthen the high-low relations
of F0 of the voice, quantity and aspiration
distinctions in question intonation (or at high pitch
level) by making the high-low onset differences
much more expressed. At the same time, speakers do
not produce this spreading of F0 onsets for the
place/manner distinctions. The difference between
the highest and lowest F0 onset was always much
smaller in neutral intonation than in question
intonation (average for voice and quantity: 24 Hz~
2.15 semitones (st), for neutral intonation, 53 Hz~
2.95 st for question intonation).
The same effect of spreading could be observed
in respect to aspiration. The highest versus lowest F0
onset difference in neutral intonation was 30 Hz
(2.67 st) as opposed to 62 Hz (3.23 st) in question
intonation. For place no comparable spreading effect
is found in both intonation conditions.
It is well established that listeners’ sensitivity to
frequency changes with the absolute value of F0.
Even after transferring the distances from Hertz to
semitones, there was still a significant spreading
effect in the question intonation for the voice,
quantity and aspiration contrasts, but not for the
place contrasts. In the first three cases it is possible
that the speakers allow for this effect by actively
enlarging the differences of the F0 onsets at higher
utterance pitch. A second and more profound reason
for this spreading is, that the speaker needs to
establish a clear high or low distinction in reference
to the intended normal or unperturbed pitch that is to
be expected after the ‘silent rise’ during the closure.
In other words: A difference of 10 Hertz can be
detected rather well if the intonation is more or less

kept at level. However, if the overall pitch contour is
rising, and especially if the main part of the rise
takes place during the silent gap of the closure, the
speaker needs to establish an unambiguous high or
low reference in relation to the intended contour,
since the listener does not know what pitch exactly
will be reached at the point after release. The
speaker assists the listener by setting the F0 onsets
well above or below the approximately expected
pitch.
These results support our hypothesis that F0
perturbations are at least partially governed by
planned laryngeal adjustments and are not mere
products of automatic processes. Our results are
consistent with the view that the F0 spreading in
question intonation is triggered by the speakers’
inherent knowledge about perceptual factors. In the
same way, we can only explain the effects of
quantity distinction upon F0 by the assumption of an
active adjustment. As described above the same
articulatory gesture differing only in timing
produced different values of F0. There is no
reasonable acoustic explanation why F0 should be
higher for geminates, both voiceless and voiced
ones. The argument that geminates produce a higher
F0 because there is a higher level of tension of the
vocal folds due to the longer closure duration could
only hold for the voiceless ones. In order to maintain
voicing during oral closure in the voiced stops, the
pressure drop across the glottis must be held a
certain level in order to allow the vocal folds to
continue to vibrate. This is achieved by expanding
the volume of the vocal tract. One of the means to
obtain such an expansion is to lower the larynx. This
movement generally causes a downward tilt of the
cricoid cartilage, which in turn causes the vocal
folds to shorten and to slacken. The carrying over of
the slack vocal folds condition into the initial part of
the following vowel will result in a lowered F0 [5].
If we imagine that the longer closure of a geminate
even reinforces this strategy we would expect to find
– as a natural consequence – an F0 that is lower in
voiced geminates than in the corresponding
singletons. This, however, is opposite to what was
found in the results. We must therefore infer that the
speakers manipulate F0 height in one way or the
other in order to establish a uniform high-low F0
relation in respect to quantity.
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4. SUMMARY AND CONCLUSION
The F0 excursion after voiceless obstruents are
generally higher than after voiceless ones, geminates
are higher than singletons, and aspiration is a general
F0 depressor (see Table 2). We argued that the F0depression by the aspiration is probably based on
automatic consequences of aerodynamic conditions
and a specific laryngeal setup, whereas the other
effects might be under active speaker’s control.
The correlation with place of articulation was that
the F0 curve of the palatal-alveolar affricates was
generally higher and separate from the curves of the
stops. Within the stop category there was a weak
tendency for velars to exhibit a higher F0 than the
labials and dentals.
In terms of intonation, there was a much larger
separation of F0 onsets for the contrasts of voice,
quantity and aspiration at high pitch as compared to
low pitch. We attribute this effect to a controlled
adjustment by the speakers. As for the voicing
contrast, a comparison of closure durations showed
that this spreading effect cannot be an automatic
consequence of the longer closure that is generally
found with voiceless stops.
Table 2: Average F0 values of first glottal pulse
after the ACT.
Voicing
Voiceless
(267 Hz)

Voiced
(241 Hz)

Quantity
Geminate
(270 Hz)
Singleton
(261 Hz)
Geminate
(250 Hz)
Singleton
(233 Hz)

Aspiration
Unaspirated (282 Hz)
Aspirated (261 Hz)
Unaspirated (274 Hz)
Aspirated (251 Hz)
Unaspirated (257 Hz)
Aspirated (242 Hz)
Unaspirated (245 Hz)
Aspirated (221 Hz)
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ABSTRACT

used to assess vertical larynx position from images
of individual sustained vowels [7, 3]. More recently,
it has been possible to track larynx position dynamically using real-time MRI allowing for the analysis
of articulatory movements and sounds, whose production cannot be sustained, such as ejectives [6, 10]
or swallowing [19].
Less direct methods of observing changes in larynx position have also been employed. Thyroumbrometry uses a battery of photocells located laterally to the neck to register light coming from a
source on the other side of the neck [4, 12, 8].
Changes in the position of the thyroid prominence
are thus tracked using the shadow cast. Comparable results to thyroumbrometry can be produced using EMA (electromagnetic articulography) to track
movements of sensors attached externally to the
throat [17, 2]. Movement of sensors on the throat
are related to changes in the position of the larynx
inferred from changes in the neck contour and, in
particular, of the thyroid prominence.
Thyroumbrometry and EMA can only succeed in
cases where subjects have a thyroid prominence that
is sufficiently distinct from the rest of the throat contour. This restricts the pool of possible subjects primarily to adult males, due to the average greater size
and lower location of the post-pubertal male thyroid
cartilage.
One method which does not have this problem is
dual-channel electroglottography (DC-EGG). This
method employs two pairs of electrodes delivering
two signals reflecting changes in electrical conductance across the glottis as a function of time [14].
An ideal placement of the electrodes would deliver
two identical signals. Although such an ideal placement never arises, the relative amplitudes of the two
signals can be used to improve electrode placement
[14]. Of course, during regular speech production,
larynx height and with it vertical vocal fold position
are constantly changing, so dynamically tracking the
relative amplitudes of the two signals can be used to
track vertical movements of the larynx. Following
Rothenberg, we will refer to this signal as the larynx trace (LT). This method of tracking and estimating larynx height has primarily been used to study

In preparation for a study investigating the production mechanisms behind ejectives in Georgian, English and German we examine the possibility of using dual-channel electroglottography (DC-EGG) to
detect vertical larynx movement in the production of
plosives produced with a glottalic airstream mechanism. Three trained phoneticians were recorded producing textbook ejective stops and pulmonically fuelled stops in a simple intervocalic context ([aCa]),
as well as a rising and falling glissando that was predicted to elicit slow upward and downward larynx
movement, respectively. The larynx trace signal,
calculated from comparing the amplitudes of the signals produced by two pairs of electrodes, provided a
robust indication of the presence and the direction
of larynx displacement in the ejective stops, showing clear differences during the closure and release
phases from the corresponding pulmonically fuelled
stops. Expected intersubject variation in the size and
shape of the larynx displacement was also found.
Keywords: dual-channel electroglottography, ejectives, glottalic, larynx movement, glissando
1. INTRODUCTION
In this study we set out to demonstrate the viability
of using dual-channel electroglottography to detect
vertical larynx displacement during the production
of glottalically initiated consonants, i.e. ejectives
and implosives.
The detection and measurement of larynx movement is difficult. Unlike the tongue, lips, jaw or
velum it is impractical to attach sensors directly to
laryngeal structures, such as the thyroid cartilage.
However, different methods have been developed
to track larynx movement during different linguistic and non-linguistic activities. These include external observation of the movement of thyroid cartilage prominence from rest position during singing
exercises from individual film frames [15], as well
as inference of larynx height from the position of
the vocal folds from x-ray [9]. Initially, MRI was
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attached to an audio interface (M-Audio Fast Track
Ultra). All three signals were digitised with a digital acquisition device (Adlink USB-2405) at 16 kHz
sampling rate and 24-bit amplitude resolution using
proprietary software (Visual Signal DAQ Express).
Signals were converted to 3-channel audio files in
WAV-format. Annotation and analysis was carried
out using praat [1].

changes in larynx height during singing [11].
The present study explores the possibility of using the output of a DC-EGG (EG2-PCX2, Glottal
Enterprises [14]) to track larynx movements during speech, and in particular, during the production of sounds in which rapid larynx movements
are thought to play a crucial role in bringing about
supraglottal air pressure changes during oral stop
closure in ejectives and implosives. It forms one
component of a larger instrumental study investigating the production mechanisms behind phonological ejectives in Georgian, epiphenomenal ejectives in German and sociophonetic ejectives in English. In the pilot study reported here we see how
the larynx trace from the DC-EGG responds to the
marked larynx movements produced during cardinal, textbook ejectives produced by trained phoneticians. We recognise at the outset that our intended use of DC-EGG is not unproblematic since
electroglottography is primarily intended to look at
phonation, and not at stretches of speech in which
periodic vocal fold activity is absent, such as during
ejectives. Despite this drawback, electroglottography is a non-invasive, relatively simple method to
apply, and especially in the present project, which
is not just investigating differences in the production mechanisms of glottalic and pulmonic stops in
a single language, but also comparing ejective stop
production across three different languages, any evidence of differences in larynx movement is welcome.

3. RESULTS
We present a qualitative analysis of the LT (and
EGG) signals considering three different aspects: (a)
comparison of the ejective stops with their pulmonic
counterparts; (b) possible differences between three
different places of articulation (labial, apical, dorsal); (c) intersubject variation.
Each subject began their recording by producing
a rising or falling pitched hum. This was predicted
to be accompanied by a raising or lowering of the
larynx, respectively. The larynx traces shown in Figure 1 broadly confirm this expectation. The larynx
trace rises then falls for all three subjects, correlating
coarsely with concomitant changes in the f0 contour.
However, despite similarities in the contours in Figure 1, there is also considerable variation between
the different subjects regarding the shape of the contours. For both S2 and S3 the larynx trace rising
pattern is preceded by an initial fall which is longest
for S3. One possible reason for differences in the
size and shape of the contours might relate to differences in the fundamental frequency patterns produced. However, the f0 contours plotted below each
larynx trace in Figure 1 do not seem to confirm this.
Figure 2 contains traces from the male subject
(S1) producing ejectives (left) and pulmonically fuelled plosives (right) at three places of articulation
(labial, apical, dorsal). In each case, glottalic and
pulmonic tokens at the same place of articulation
have been spliced together from the same recording. Most apparent in all the examples is the marked
difference in the amount of movement in the larynx
trace of the glottalic stops (left) compared to the relatively steady traces of the pulmonic plosives on the
right. However, changes in the larynx trace around
the ejective release are not easy to interpret. In all
three ejectives there is downward excursion of the
larynx trace, but there are differences in the synchronisation of this movement with the plosive release.
In the bilabial ejective the downward excursion occurs prior to stop release, in the apical and dorsal
plosives, the downward movement occurs directly
after the release. In none of the three cases is there
any evidence of a marked upward excursion of the

2. METHOD
Three trained phoneticians (one male, S1; two female, S2/S3) produced labial, apical and dorsal plosives in a simple intervocalic context using both
a pulmonic ([apa, ata, aka]) as well as a glottalic
airstream ([ap’a, at’a, ak’a]). However, the first task
for each subject, before recording the plosives, was
to produce a hum with a slow rising pitch followed
by a slow falling pitch. This was predicted to induce not only expected changes in fundamental frequency, but also concomitant changes in vertical larynx height. It was left to each of the subjects to carry
out each of the tasks as they felt fit, without any further instructions about how the different plosives or
the rising/falling pitched hum should be produced.
Two analog signals were captured from the DCEGG: larynx trace (LT) and the more familiar electroglottographic waveform (EGG) showing changes
in electrical conductance across the larynx as a function of time. The sound wave was captured using a
Behringer ECM-8000 omnidirectional microphone
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Figure 1: Larynx movement traces and f0 contours of rising and falling pitched hums produced
by the three subjects.

Figure 2: Larynx traces, EGG and sonagrams of
intervocalic glottalic (left) and pulmonic (right)
stops at three places of articulation. Examples at
each place of articulation have been spliced from
the same recording. All examples are taken from
the male subject (S1). C_r annotates the VOT interval for each plosive.
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Figure 2 also contains the regular EGG signal.
Most noticeable here, again in comparison with the
pulmonically fuelled plosives, is the strong isolated
peak during the closure phase, presumably indicating the closure of the glottis occurring during the
oral closure of the ejective.
Finally, Figure 3 presents larynx traces, EGG and
sonagrams of tokens of the intervocalic apical ejective [t’] for the three subjects. We can see that there
is a good deal of activity in the larynx trace around
the release phase of the ejective for all three subjects
and there are intersubject differences in the size of
the excursions. By comparison with the male subject, S1, ejective utterances from the two female subjects produce much larger excursions, in particular,
with respect to the size of the downward excursion
accompanying stop release. The excursion size in
combination with the duration of the closure and release phases of the ejectives produced by S2 and S3
reflects to some extent the amount of articulatory effort invested by each of the subjects. However, common to all subjects is the downward movement of
the larynx trace accompanying the release phase.
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during unvoiced stretches of speech. Nevertheless,
this qualitative pilot study has shown that the larynx
trace excursions provide a robust indication of the
presence of larynx movement during the production
of ejective stops, in particular, when compared to
corresponding pulmonic stops. What the LT curves
failed to register, however, was any systematic raising of the larynx prior to the release of the ejectives.
Although this will require further investigation, the
one positive thing that we can take from this negative result is that it was also systematically absent.
In the larger study, DC-EGG will be one part of
an experimental setup also capturing intraoral airpressure, as well as, in separate recording sessions,

4. DISCUSSION
This is to our knowledge the first study that has
considered the possibility of detecting larynx movement during the articulation of ejective stops using
DC-EGG. As was already noted in the Introduction,
we recognise that DC-EGG is not ideally suited to
the task at hand, i.e. detecting larynx displacement
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release, e.g. [ve: t’P aen] (weht ein “blows a”) [18].
In other words, while“ we get the auditory impression of an ejective, no vertical movement of the larynx, or any other reduction in the size of the supraglottal cavity, is required to bring about an intraoral pressure change, since this has already been accomplished using a pulmonic airstream while the
vocal folds were still open during the intial phase
of stop closure. Besides investigating whether such
epiphenomenal ejectives are indeed produced in this
fashion, one central hypothesis we will also test is
whether a similar mechanism may also be employed
in a language in which ejectives make up a regular part of the sound system, i.e. Georgian [16, 5].
One indication of this, which we predict will be provided by DC-EGG, are differences in LT between
ejective and non-ejective stops, but in particular between ejectives at different places in structure [13].

Figure 3: Larynx traces, EGG and sonagrams of
intervocalic [t’] from the three different subjects.
C_r annotates the VOT interval for each plosive.

S1

S2
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ABSTRACT
Ends of utterances are often creaky in American
English, but the changes in voice quality across the
utterance are still poorly understood. In this study,
we use electroglottographic contact quotient to track
voice quality changes over the course of the English
utterance. 10 speakers were recorded using both
audio and electroglottography while reading
sentences containing mostly sonorants. Contact
quotient was measured from the beginning of the
utterance to the onset of phrase-final creak,
providing a continuous “contact” track, akin to a
pitch track. Results indicate some consistent
patterns: beginnings of utterances are usually
characterised by a rise in contact; ends of utterances,
which are usually creaky, are characterised by either
a drop in contact (suggesting that phrase-final creak
may be unconstricted in quality) or by a constant
degree of contact.
Keywords:
voice
quality,
phonation,
electroglottography, contact quotient, phrasing
1. INTRODUCTION
In American English, the ends of utterances and
utterance-internal
phrases
are
frequently
characterised as being ‘creaky’; that is, they have
irregular voicing. This phenomenon, which we refer
to as phrase-final creak, has been well documented
in American English [3,6,9,12]. Although phrasefinal creak (indeed, all creaky voice, [8]) is typically
thought to involve increased vocal fold constriction,
this is not always the case. For instance, Slifka [13]
found that speakers sometimes produced phrasefinal creak with increased airflow and glottal
opening, suggesting an unconstricted creak [8]. Still,
more recent work suggests that speakers of
American English generally produce phrase-final
creak with increased constriction, as indexed
acoustically by lower H1*–H2* (difference in
amplitude between first and second harmonics) [4].
In contrast to the ends of phrases and utterances,
it is still largely unclear how voice quality varies
earlier in the utterance. There is some evidence to
suggest that the very beginning of phrases tends to
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be breathier than later parts [5], and that phrasemedial words with post-lexical prominence (i.e., a
pitch accent) are produced with more constriction
[2]. Still, the dynamics of voice quality over the
course of the American English utterance have yet
to be detailed in any systematic way: How much
cross-speaker variability is there in voice quality
changes over the course of the utterance? Are there
consistent patterns in voice quality as a function of
phrasal position, similar to declination of f0 [10]?
In this study, we address these questions by
measuring and modelling changes in voice quality
over the English utterance. Voice quality is analysed
primarily using contact quotient (CQ) measured
from the electroglottographic (EGG) signal,
allowing a continuous measuring of voice quality
independent of the segmental variation in speech
due to changes between consonants and vowels.
Below we outline a method of modelling the CQ
track, comparable to that of a pitch track. This
should enable researchers to analyse dynamic
changes in voice quality over different portions of
speech, with implications for understanding both
laryngeal dynamics and coordination between
laryngeal and supralaryngeal articulation. Then, by
relating dynamic changes in quality to changes in f0,
we determine the extent to which voice quality is
dependent on or co-varies with pitch.
2. METHOD
Speaker audio and EGG waveforms were recorded
during the reading of sentences constructed of
modally voiced sonorants and vowels. From the
EGG signal we calculated the contact quotient (CQ)
of these tokens, which was then analysed to
determine its behaviour at the beginning, middle and
end of the sentences. Details of this procedure are
outlined below.
2.1. Stimuli

Stimuli sentences contained mostly modally voiced
sonorants and vowels, without glottalization or
aspiration noise. We avoided creating sentences with
obstruents and non-modal voice so as to be able to
determine a baseline of voice quality for modally

voiced sounds. We avoided non-modal voicing
using the following criteria: (1) consonants were
mostly limited to nasals, liquids, and glides; (2)
sounds that would lead to constriction or spreading
of the vocal folds, including glottal stops and
aspirated stops, were excluded; (3) /t/ and /d/ were
included only if they were likely to be produced as
taps; and (4) word-initial stressed vowels were
avoided because they are likely to have
glottalization [5]. Sentences were constructed in sets
to contain similar sounds to produce sentences of 7
to 11 syllables in length: e.g., “We will win a
lottery” [wi wɪl wɪn ə lɑɾəɹi] and “We will win a
yearly lottery” [wi wɪl wɪn ə jiɹli lɑɾəɹi] were both
included.
2.2. Participants

Ten native speakers of Californian English were
recruited from the undergraduate student body at UC
San Diego (age mean and standard deviation of 20 ±
1 years, 7 women and 3 men). Speakers all had
normal speech on initial interview and consenting,
and received course credit for their participation.
Exclusion criteria included having primary language
other than English, a known speech pathology, or
being a speaker of another variety of English.
2.3. Task

Speakers were visually presented with one sentence
at a time, and were instructed to read each individual
sentence fluently, without emphasis on a particular
word (that is, with broad focus). They were
instructed to take a breath before beginning to read
each sentence. In one session, speakers said 252
tokens over 10 minutes. Speakers were instructed to
avoid list intonation and to take a break if the
manner in which they were reading the stimuli
changed mid-task.
2.4. Audio and EGG measurements

Audio and electroglottographic (EGG) waveforms
were simultaneously recorded in Audacity, digitized
to the computer’s sound card at a sampling rate of
44.1 kHz and stored as a 16-bit wav file. Audio was
recorded with a Shure SM10A microphone placed
10 cm from speakers’ mouths in a sound booth. The
EGG signal was recorded using a two-channel
electroglottograph
(Model
EG2,
Glottal
Enterprises), and was filtered with a 20 Hz high-pass
filter before being stored.
Waveforms were annotated using Praat [1]. Also
annotated was the presence of a glottal stop, full oral
stops (e.g. pronouncing a [t] instead of tap),
presence of pauses or perceived utterance-medial
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phrase boundaries, and atypical declarativestatement intonation. Sentences were excluded if the
speaker was disfluent: i.e. if they used long pauses,
misread the sentence, or had large pitch disruptions.
EggWorks [15] was used to calculate CQ for
each pulse of the EGG signal, giving a continuous
CQ contour. CQ is measured as the ratio of contact
phase duration to the total duration of the EGG
pulse. The contact phase boundaries were
determined using the hybrid method [7].
VoiceSauce [14] was used to obtain acoustic
measurements such as f0 and cepstral peak
prominence (CPP), a harmonics-to-noise ratio
measure. Measures of f0 were calculated to relate
changes in voice quality to those of pitch. CPP was
used as a method of estimating the onset of phrasefinal creak, as we discuss below.
3. ANALYIS OF THE CONTACT QUOTIENT
SIGNAL
Continuous CQ tracks (Fig 1A) from each sentence
were analysed from onset to the beginning of
phrase-final creak (present in more than 95% of all
speaker sentences) to facilitate description and
summary of their contour shape. We excluded CQ
measures after the onset of phrase-final creak,
because on visual inspection, the CQ values were
frequently spurious, owing to the high occurrence of
multiple, lower amplitude, pulsing. The onset of
phrase final creak was determined using a signal-tonoise threshold determined from the audio
waveform. This threshold was identified by finding
the time point at which CPP dropped below 1.1
times its mean value for a specific utterance.
Additionally, a research assistant marked the onset
of creak by visual inspection of the f0 track, based
on the point at which the f0 became irregular up
until the end of the sentence. Local f0 irregularities
that were short and did not last till the end of the
sentence were ignored.
We found large
convergence between the visual inspection method
and the automatic detection method, suggesting that
our criteria using CPP worked well for estimating
the onset of phrase-final creak. Moreover, any
extreme CQ values (> 0.8 or < 0.2) were removed.
The CQ track was then smoothed and lowpass filtered (with a cut off frequency 10 Hz; Fig
1B). The low-pass filter had its local maxima
detected using the built-in findpeaks function in
MATLAB [11]. Using these peaks, three slopes in
the filtered CQ track were defined. These included:
(1) the initial slope, defined as the slope from the
first CQ point to the first maximum; (2) the middle
slope, defined as the first to the final CQ maximum;
and (3) the final slope, defined as the slope from the

final CQ maximum to the last CQ value before onset
of phrase-final creak (Fig 1C). These slopes were
chosen because they connect prominent landmarks
seen in all tokens on visual inspection. Time was not
normalized to preserve fidelity of the slopes.
Figure 1: Overview of CQ track analysis method.
The unedited CQ track (1A) is smoothed and lowpass filtered (1B). From this smoothed waveform,
the points of interest are selected and the slopes
calculated. The calculated contours are then fit to
the original unedited waveform (1C).

track to the final point before phrase-final creak) can
have a very rapid (Fig 2A) or very slight (Fig 2B)
decrease or increase from the final CQ maximum to
the final point of the utterance before creak onset.
These contour values ranging from negative to
slightly positive do not appear to be due to distinct
patterns. Instead, when plotted as a histogram, they
are part of a continuous distribution (Fig 3).
Figure 2: Representative CQ contours over the
time course of an utterance of an individual token
from a speaker with a rapidly-decreasing final
slope (2A), and from a speaker with a steady final
slope (2B).

4. RESULTS
For all speakers, CQ tracks have an increasing initial
contour, with a slope value range of +1.36 to
+ 0.30s-1. A rise in CQ for this initial slope indicates
a tendency towards more constriction at the onset of
the utterance. The middle CQ contour is generally
flat, ranging from -0.03 to +0.03s-1. The middle
contour is positive for 7 of the speakers and 0 for
one of the speakers. The final CQ contour decreases
for all speakers, with a range of -0.33 to -0.07s-1,
indicating a tendency towards less constriction
before the onset of phrase-final creak.
In general, CQ contours (Figs 2 and 3) of the
speakers (n = 10, 7 females) all show an increase in
CQ from utterance onset to first CQ peak, and show
a relatively flat CQ between the first and final peaks.
(Below, we indicate that the CQ peaks tend to
coincide with f0 peaks, suggesting they relate to
post-lexical prominence.) The final contours of
different speakers (from the last peak in the CQ
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Figure 3: Distribution of final CQ slopes. The
distribution appears negatively skewed but also
contains near zero and positive final slopes.

The correlation coefficient between mean CQ
and f0 over all tokens for a given speaker varied
from r = -0.12 to +0.99, with 6 speakers showing
positive correlations. The peaks of the CQ and f0
contours tend to occur at the same time (Fig 4).
Figure 4: CQ and f0 tracks for a representative token.
The peaks in the CQ track (including the initial and
final peaks) coincide with f0 peaks, suggesting that
higher CQ accompanies post-lexical prominence.

5. DISCUSSION AND CONCLUSIONS
The contact quotient (CQ) tracks of 10 speakers of
Californian English demonstrate similar patterns
across all utterance segments. All speakers exhibit
increasing CQ contours at the beginning of
utterances (here operationalized as the utterance
onset to the first peak in CQ), indicating a tendency
towards increased glottal constriction. The CQ slope
also had a larger range of values at utterance onset.
Together, this implies that speakers use a breathier
voice quality at utterance onset compared with later
in the utterance [5], and suggests that voice quality
tends to be more variable at the utterance onset
before stabilizing in the middle of the utterance.
Both patterns also show a relatively flat,
minimally variable, CQ contour over the middle of
the utterance compared to beginnings and ends. This
less-variable middle contour suggests that speakers
may have a target voice quality for the majority of
the utterance. It should be noted that the maxima in
CQ over an utterance generally coincided with f0
peaks (i.e., with high pitch accents). This suggests
that prominent syllables are also associated with
increased constriction [2]. Given that the utterancemedial slope is fairly level, there may be a target
voice quality associated with prominent syllables,
such that there is little change from one prominence
peak to another.
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The CQ behaviour at the ends of the utterances is
is interesting because it not consistently negative,
and instead can be negative or near zero and slightly
negative or positive. The fact that the majority of
speakers do not show an increase in CQ does not
necessarily preclude an increase in constriction
during phrase-final creak; this discrepancy may
instead be due to our analysis of the CQ track. In
this study, the CQ track ended at the onset of phrasefinal creak, which may have led to the removal of
constricted phrase-final creak in many tokens.
However, this was done because of spurious CQ
values during creak, which often showed multiplypulsed voice [8], whose weaker pulses do not figure
in to the CQ values. With more accurate detection of
CQ during creak, future work will look at how CQ
contours change during creak.
Speakers who have a negative sloping CQ
contour and noticeable decrease in CQ between the
final prominence peak and onset of phrase final
creak could be producing less constricted phrasefinal creak, rather than prototypical creak with
constriction [8,13]. The middle flat CQ contour,
coupled with the decreasing final CQ contour,
together shows a pattern similar to that of
declination in f0. From the similarity in prominence
peaks between the f0 and CQ tracks, as well as the
decrease in CQ that many speakers show at the ends
of utterances, it might be expected for f0 to be
positively correlated with CQ. But the correlation
between f0 and CQ was speaker dependent, ranging
from positive to negative values.
To conclude, in this study we quantified how CQ
varies over the English utterance. We find that
utterances usually begin with a rise in the CQ track,
consistent with a breathier voice quality at utterance
onsets. The flat CQ contour over the middle of the
utterance between prominence peaks suggests that
many speakers do not vary much in voice quality in
that position. However, many speakers produce a a
drop in constriction towards the end of the utterance,
consistent with a less constricted voice quality
leading up to the onset of phrase-final creak.
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ABSTRACT
Wu Chinese, spoken in the Southeastern part of
China, still preserves an ancient feature of Middle
Chinese, the phonological voicing contrast. The
current study aims to investigate the age variation on
the phonetic nature of voicing contrast in Wenzhou
dialect of Wu using speech production data obtained
from the electroglottography signal.
True voicing contrast could be found in fricatives
and intervocalic obstruents but not in initial plosives
or affricates in both old and young speakers’ speech.
For the young speakers, significant differences could
be observed in phonation type of the vowels
following all types of consonants: modal vowels
after phonologically voiceless consonants and
breathy vowels after phonologically voiced ones.
However, the old speakers do not show a consistent
contrast in phonation type of the following vowels.
Therefore, there is apparent generational change
related to the role of voice quality in the phonetic
realisations of the voicing contrast.
Keywords: Wu Chinese, Voicing contrast, Age
variation, Phonation type, Breathy voice
1. INTRODUCTION
Wu is a Chinese language spoken in Southeastern
China and many overseas Chinese communities with
about 70 million native speakers. A typical feature
of Wu is that it still contrasts voiced and voiceless
consonants in syllable-initial position phonologically,
a feature lost in almost all of the other Chinese
languages. The phonetic nature of the Wu voicing
contrast has raised much discussion since 1920s [2]
and there are different conclusions based on the
fieldwork on various Wu dialects.
Recent phonetic research on northern Wu dialects
(e.g. Suzhou and Shanghai dialects) indicates that
the phonologically defined ‘voiced’ obstruents are
not voiced phonetically (VOT > 0) in initial
positions. The voicing contrast is distinguished by
different phonation types of the following vowels:
modal vowels after phonologically voiceless
consonants and breathy vowels after phonologically
voiced ones. In intervocalic positions, however, the
voicing contrast is realised as true voicing of
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consonants, whereas the phonation type distinction
of the following vowels no longer exists [4, 6, 10].
Regarding Wenzhou and other southern dialects,
the conclusion is controversial as there are mixed
findings. Some research agrees that the
phonologically voiced obstruents in southern Wu
consistently have negative VOT in both initial and
intervocalic positions [3, 11, 15], different from
northern Wu. However, other experimental studies
support no dialectal difference on the phonetic
realisations of Wu voicing contrast — it is also
realised by the phonation type of the following
vowels in southern Wu [1, 6, 13, 14].
In some experimental studies, some informants
do still preserve the truly voiced consonants in initial
positions, but this pattern is regarded as disappearing
[9]. Because of the lack of standardisation and the
frequent contact with Mandarin, the Wu
phonological system including consonant, vowel and
tone inventories is changing rapidly with apparent
age variations [12].
Moreover, previous literature on the Wu voicing
contrast focused only on plosives. It is important to
investigate other consonants with phonological
voicing contrast, like affricates and fricatives, even
sonorants, to figure out the phonetic properties of the
phonological voicing contrasts using all consonant
types, as well as the potential age variation on this
issue.
2. METHODS
2.1. Informants

The 8 informants were divided into two age groups
— the old speakers (69-72 years old) and the young
speakers (24-28 years old). There were 2 males and
2 females in each group.
All of the 8 native speakers were born and raised
in Wenzhou downtown with no experience living in
other places before adulthood. The parents and
spouse (if applicable) of the informants were also all
native speakers and Wenzhou Wu is basically the
only language used in the family.

2.2. Experiment materials

Wenzhou dialect generally still retains a canonical
eight-tone system of Wu: four tones of high register
in syllables with the phonologically voiceless
obstruent onsets and four tones of low register in
syllables with the phonologically voiced obstruent
onsets. As to the syllables with sonorant onsets, it
potentially could be combined with tones in both
registers, forming two types of syllables similar with
the voicing contrast in the obstruent-onset syllables.
Table 1: Wenzhou Wu consonant inventory.

Labial

Alveolar

p ph b

t th d
ts tsh dz
sz

fv
m
ʋ

n

Alveolopalatal

Velar

the influence of noise, the opening point, i.e., the
onset point of open phase could be settled by a
certain threshold in the EGG curve (Herbst &
Ternström [7] proposes 25% as an empirically
appropriate reference). In the current study, the
interval between the peak value of DEGG curve and
the point when EGG signal exceeds the 25%
threshold would be designated as the closed phase of
vocal fold movement. The closed quotient (CQ) then
could be calculated accordingly: the ratio of the
closed phase to a whole cycle.
Figure 1: The schematic diagram of synchronous
EGG (upper) and DEGG (lower) curves.

Glottal

k kh ɡ
tɕ tɕh dʑ
ɕ
ȵ
j1

hɦ
ŋ

l
For the initial positions, to minimise the lexical
gaps due to phonotactic constraints, the low vowel
/a/ and the two level tones of the high and low
registers were used to combine with the consonants
in Table 1, forming the monosyllabic materials.
As for the intervocalic consonants in the
multisyllabic materials, the vowels preceding and
following the consonants within a word pair were
controlled to be same respectively as in the instance
of ‘/ba ɕi ba/’ (‘very white’) and ‘/pa ɕi pa/’ (‘very
sticky’). Only the multisyllables without tone sandhi
were adopted. Three repetitions were recorded for
each token.

2.4. Data processing

All tokens were time normalised as having 10 time
points of CQ values. For the tokens with obstruent
onset, the data were extracted from the vowel, while
for the tokens without onset or including sonorant
onset (which were entirely voiced and thus had valid
glottal pulses consistently across the syllable), the
whole syllable was analysed.
Besides, the Smoothing Spline ANOVA model
was used in the study to test the statistical difference
between the curves. The result could be interpreted
as statistically significant (p<.05) if the different
shaded areas do not overlap at all.

2.3. Electroglottography (EGG) signal

3. RESULTS

The electroglottography (EGG) provides us a
relatively straightforward method to trace the
movement of vocal folds, which determines various
phonation types. In the current study, the Glottal
Enterprises EG2-PCX EGG was used. The electrical
resistance of the larynx would change with the area
of the glottis, so that the electric current passing
through the two EGG electrodes reflected by the
amplitude of EGG signal is negatively correlated
with how open the vocal folds are. The open and
closed phases of vocal fold movement are usually
determined by the peak and valley values of the
derived curve of EGG signal (DEGG) [5], as shown
in Fig. 1.
Nevertheless, since the valley values of DEGG
curves are likely to be extracted wrongly owing to
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Since there was no significant gender distinctions
found in the CQ curves, the data below were
collapsed across both male and female speakers.
3.1. Initial plosives

According to Fig. 2 below, it is clear that the two
types of syllables were indeed significantly
differentiated by the phonation type in the young
speakers but not in the old speakers.
Referring to the young speakers’ data, the CQ of
the tokens with tones of high register
(phonologically voiceless onset) was mainly around
50%, which implied a typical modal voice quality.
Whereas, the CQ of the tokens with tones of low
register (phonologically voiced onset) was

noticeably lower than 50%, i.e., the open phase of
the glottis was significantly longer, which supported
it as breathy voiced sound with the glottis not fully
closed all along.
Figure 2: The CQ of the plosive-onset syllables
(Upper: young speakers; Lower: old speakers).

Fig. 3 also shows that the two types of affricateonset syllables produced by the old speakers also
showed significant differences in phonation type.
Meanwhile, as there was only 1 token found with
negative VOT in all of the eight informants’ initial
phonologically voiced plosives and affricates (768
relevant tokens in total), it can be concluded that the
breathiness of the following vowels, rather than the
true voicing, has become the main phonetic nature to
realise the phonological voicing contrast of initial
plosives and affricates.
3.3. Initial fricatives

Different from the plosives and affricates discussed
above, the phonologically voiced fricatives of
Wenzhou Wu are basically truly voiced, i.e.,
showing a clear voice bar during the fricatives,
which is not observed in northern dialects according
to the literature. Among the initial phonologically
voiced fricatives we recorded, 79.2% of them were
truly voiced.
Figure 4: The CQ of the fricative-onset syllables
(Upper: young speakers; Lower: old speakers).

3.2. Initial affricates

Similar with the plosive-onset syllables, based on
the young speakers’ data in Fig. 3, the phonation
types of the syllables were respectively modal voice
and breathy voice. In other words, the voicing of
initial affricates was realised by the breathiness of
the following vowels as well.
Figure 3: The CQ of the affricate-onset syllables
(Upper: young speakers; Lower: old speakers).

Nonetheless, as Fig. 4 indicates, the two types of
syllables still contrast in breathy voice / modal voice
in the young speakers, even though the difference
was not as large as in syllables with plosive or
affricate onsets. The old speakers however did not
contrast in phonation type.
The two types of fricative-onset syllables
contrasted in both the voicing of initial consonants
and the phonation type for young speakers,
demonstrating redundant cues to some extent.
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3.4. Initial sonorants

The initial sonorant consonants in the two types of
syllables were naturally both truly voiced. Hence the
sonorant consonant per se could potentially be
breathy voiced. In Fig. 5, it could be noticed that the
breathiness of the syllables with tones of low
register was not limited to the vowel part but across
the whole syllable in the young speakers’ speech.
The old speakers did not contrast the phonation
types in sonorant-onset syllables.

Figure 6: The CQ of non-initial syllables (Upper:
young speakers; Lower: old speakers).

Figure 5: The CQ of the sonorant-onset syllables
(Upper: young speakers; Lower: old speakers).

4. CONCLUSION

3.5. Intervocalic consonants

Consistent with the conclusions drawn by previous
studies on Wu, the phonologically voiced
consonants of Wenzhou Wu in intervocalic position
are mostly truly voiced as well. Among intervocalic
phonologically voiced obstruents, 93.8% of plosives
and affricates as well as all of the fricatives had true
voicing.
Despite the fact that the voicing contrast of
intervocalic obstruents could be realised by true
voicing, it could be observed in Fig. 6 that the
breathiness contrast was still present in young
speakers, although the difference was not as
prominent. The old speakers again did not show
such contrast here.
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Based on the above results, it could be concluded
that the phonetic realisation of the voicing contrast
of Wenzhou Wu shows two different variants
depending on age groups, which may suggest a
potential diachronic sound change in progress.
With respect to the young speakers, significant
differences could be noticed in breathiness of the
vowels following all types of consonants including
sonorants in both initial and intervocalic positions:
modal vowels after phonologically voiceless
consonants and breathy vowels after phonologically
voiced ones, whereas the phonation type difference
does not play a significant role in old speakers’
voicing contrast.
The true voicing contrast could be found in
fricatives and intervocalic obstruents but not in
initial plosives or affricates consistently without age
variation. It seems that the true voicing contrast has
also been partly dropped by the old speakers
nowadays. Therefore, in the phonetic realisations of
Wu voicing contrast, the voice quality differences
seem to be increasingly important.
As there may be on-going changes on the
phonetic realisations of voicing contrast in Wu,
whether the age variations or diachronic changes
also exist in the perceptual cues that distinguish the
two types of syllables remains unexplored and
requires our further research.
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Some studies indicate that there is frication and
transcribe this phoneme as a fricative /ʝ/ nearly contrasted
with /ɕ/.
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ABSTRACT
The present study examines the effect of prosodic
structure on voice quality associated with the Korean
three-way stop contrast (lenis, aspirated, fortis).
While the three-way contrast has been known to be
signaled primarily by an interaction between VOT
and F0, the focus of this study is to explore to what
extent the voice quality difference observable in the
following vowel would contribute to the three-way
stop contrast, and how the realization is conditioned
by prominence- vs. boundary-induced prosodic
strengthening. Results of twelve young native Korean
speakers suggest that the difference in voice quality
remains largely significant between the three stop
categories, indicating the role of voice quality in the
maintenance of the stop contrast. Furthermore,
prosodic strengthening shows different effects on the
contrast, depending on whether the source comes
from prominence or boundary. Some implications
will also be discussed in relation to the on-going
tonogenetic sound change in Korean.
Keywords: voice quality, breathiness, Korean, threeway stop contrast, prosodic structure
1. INTRODUCTION
Korean has a three-way voiceless stop contrast
between aspirated, fortis, and lenis stops [3, 16]. VOT,
among other cues, has been regarded as the primary
cue which distinguished the three stop categories. In
recent studies, however, it has been suggested that
Korean is undergoing a tonogenetic sound change,
showing that the VOT distinction between the
aspirated and lenis stop is merging and that the
contrast is now distinguished by F0 (higher F0 for
aspirated and lower F0 for the lenis) in younger
Koreans’ speech [2, 16].
Traditionally, however, the three-way stop
contrast in Korean has also been known to be
phonetically characterized by the difference in voice
quality of the following vowel, such that the
breathiness of the vowel is greatest after the lenis,
intermediate after the aspirated, and least after the
fortis [3]. The purpose of the present study is to
examine these voice quality differences associated
with the three-way contrastive stops, and to explore
to what extent the voice quality difference contributes
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to the three-way stop contrast and how the effect may
be conditioned by two prosodic-structural factors:
focus-induced prominence and prosodic boundary,
both of which are known to strengthen segmental
realization in linguistically meaningful ways [4, 17]
Regarding the effect of prosodic strengthening on
the voice quality of the three stops, it is possible to
hypothesize that the strengthening would be
phonetically manifested by increased glottalization
across the board as sounds are known to be glottalized
(or become creakier) in prosodic strengthening
environments [5, 9, 12, 20]. Previous studies on
English [9, 12, 20] have shown that the degree of
glottalization in word-initial vowels is greater under
accent and/or in domain-initial positions. Similarly,
Cho et al. [5] showed that both prominence and
prosodic boundary increase the degree of glottalization
of initial vowels in South Kyungsang Korean. These
results are consistent with a view that prosodic
strengthening involves an increase in articulatory force
which applies to both laryngeal and supralaryngeal
articulation [10]. The prosodic strengthening effect
may therefore increase the laryngeal muscular tension,
which in turn would augment the degree of
glottalization. If the three-way contrastive stops are
produced with an increase in laryngeal muscular
tension, the breathiness of the following vowel across
the three-way stop categories would be reduced.
Previous studies of prosodic strengthening,
however, have also indicated that prosodic
strengthening is not a mere low-level phonetic effect,
but it makes reference to the phonological system of a
given language, often enhancing the phonological
contrast [6, 17]. This leads to an alternative hypothesis
that prosodic strengthening would increase the
breathiness of the vowel only after the lenis stop while
the creakiness of the vowel is reinforced after the fortis
stop, enhancing the three-way stop contrast. This
alternative hypothesis may not be borne out, however,
if VOT and F0 are the only primary phonetic cues of
phonological contrast in Korean, as has been argued in
conjunction of a recent development of the tonogenetic
sound change among young speakers [2, 16].
To explore these possibilities, the present study
investigates whether the three-way phonological
contrast of word-initial stops manifest itself in the
voice quality of the following vowel in (Seoul) Korean
in prosodic strengthening environments. The amplitude
differences between the first and second harmonics

(H1*-H2*) and between the first harmonic and F1
(H1*-A1*), were taken as acoustic indexes of the voice
quality with higher value indicating greater breathiness
in the vowel [11]. Given that the degree of breathiness
is often inversely correlated with the degree of
creakiness [3, 13], these measures will also be used to
assess where in the breathy-creaky continuum the
following vowel of each stop category falls.
2. METHOD
2.1. Participants, materials, and procedure

Twelve native Korean speakers (7F, 5M; Mean age =
24.4, age range = 21-28) participated in the study. They
were undergraduate students at the time of the recording. Four triplets of Korean monosyllabic CVC words
were used as in Table 1. Most of them were nonce
words created to meet the following criteria for a larger
corpus: The onset of the word was one of the three-way
contrastive stops: lenis (/p, t/), aspirated (/ph, th/), or
fortis (/p*, t*/). The following vowel was controlled as
/a/ and the coda consonant was either /k, t, p/.
Table 1: Target words used for the present study.
Lenis
박 /pak/
밧 /pat/
답 /tap/
닷 /tat/

Aspirated
팍 /p ak/
팟 /p at/
탑 /t ap/
탓 /t at/

Fortis
빡 /p*ak/
빳 /p*at/
땁 /t*ap/
땃 /t*at/

h

h

h

h

The target words were placed in carrier sentences
with different prosodic renditions (Table 2). Prompt
sentences (A in Table 2) were used to help forming a
context of the mini-dialogue in which Speakers A and
B were playing some kind of board game with cards.
As for the boundary conditions (i.e., to test domaininitial strengthening effects), the target word was
placed either in phrase-initial position (IP-initial) or in
phrase-medial position (IP-medial). For prominence, it
either received focus by contrasting the onset
consonant with /m/ (the focused condition) or
unfocused by placing a focused element in another
location in the sentence (the unfocused condition).
Table 2: Example sentences with the target word pak in
different prosodic context. Focused words are in bold.
conditions
IP-i,
Foc

example sentences
A: [ipn tannn maksatin twienonni]?
“This time, do I place the word (card) to the right
of the picture of mak?”
B: [ani]. IP [paksatin twi]. IP [twss]?
“No. To the right of the picture of pak. Got it?”
A: [ipn tannn paksatin ap enonni]?
“This time, do I place the word (card) to the
left of the picture of pak?”
B: [ani]. IP [paksatin twi]. IP [twss]?
“No. To the right to the picture of pak. Got it?”
A: [ipn tannn ap a maksatin twienonni]?
“This time, do I place the word (card) to the right
of dad’s picture of mak?”
B: [ani]. IP [a pa paksatin twi]. IP [twss]?
“No. To the right of dad’s picture of pak. Got it?”

*

IP-m,
Unfoc

h

*

Speakers were asked to produce the test sentences
in response to the prompt questions. Instead of the full
written texts of carrier sentences, some visual clues
for the carrier sentences were provided on a computer
screen. For example, the screen showed two cards on
which a monosyllabic test word was written on each
of them in a contrastive way (e.g., pak vs. mak). The
target word (e.g., pak) was marked with “O” and its
contrasting word (e.g., mak) with “X”. The prerecorded voice was played through the loudspeaker,
asking the speaker whether the next word to pick
would be the contrasting word (with “X”). The
speaker, cued by an “O” mark on the correct (target)
word on the screen, was instructed to correct it by
saying that the other one should be picked, thus
making (corrective) focus on the target word. Given
that the carrier sentences were simple, participants
were able to produce the intended sentences in
response after having received an about 10-minute
training session. The prompt sentences were recorded
prior to the experiment by two native speakers (1F,
1M). Acoustic data were collected in a soundproof
booth using a Tascam HC-P2 digital recorder and a
SHURE KSN44 condenser microphone at a sampling
rate of 44kHz. In total, 2304 tokens were collected
(12 target words x 2 boundary types x 2 focus types x
4 repetitions x 12 speakers), and 2037 tokens were
used for further analysis, discarding tokens with
unintended prosodic rendition.
2.2. Measurements and statistical analyses

H1*-H2* and H1*-A1* were measured as indexes of
the degree of breathiness (and creakiness), obtained
by VoiceSauce [21, 22]. Note that * here indicates
corrected measures for the effect of formant
frequencies [14, 15]. The values were obtained at the
25% and 50% points of the vowel. Repeated
Measures ANOVAs were carried out with Stop
(aspirated, fortis, lenis), Focus (focused, unfocused),
and Boundary (IP-initial, IP-medial) as withinsubject factors, and pair-wise t-tests were carried out
to examine where the interaction came from.
3. RESULTS
For the purpose of the present study, we will only
report results that are directly related to the research
questions (i.e., main effects of Stop and its interaction
with Focus and Boundary).

h

IP-i,
Unfoc

A: [ipn tannn ap a pak.satin ap enonni]?
“This time, do I place the word (card) to the left
of dad’s picture of pak?”
B: [ani]. IP [a pa paksatin twi]. IP [twss]?
“No. To the right of dad’s picture of pak. Got it?”

*

IP-m,
Foc

3.1. H1*-H2*

There was a significant main effect of Stop on H1*H2* at both 25% and 50% points in the vowel (25%,

*
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Effect of prominence. There was a significant
interaction between Stop and Focus on H1*-H2* at the
25% point (F[2,22]=7.19, p<.01). The interaction was
due to the fact that the focus effect was significant only
at the 25% point after the aspirated stop. As shown in
Fig. 2a, H1*-H2* value for the aspirated stop was
smaller in the focused than in the unfocused condition
(at 25%), indicating that the breathiness of the
aspirated stop was increased under focus. From a
different perspective, the interaction at the 25% point
was also in part due to the difference in the effect size
of Stop in the focused vs. unfocused conditions: the
difference between the stops was larger in the focused
condition (eta2=.75; mean diff., aspirated vs. lenis=-2,
aspirated vs. fortis=4, lenis vs. fortis=6) than in the
unfocused condition (eta2=.53, aspirated vs. lenis=-5,
aspirated vs. fortis=0, lenis vs. fortis=4) (Fig. 2b).
Effect of boundary (domain-initial). There was an
interaction between Stop and Boundary at both 25%
and 50% time points (25%, F[2,22]=5.07, p<.05; 50%,
F[2,22]=4.81, p<.05). As shown in Fig. 2c, the
boundary effect was significant for the fortis and the
lenis stops, but not for the aspirated stop. Interestingly,
the presence of a larger boundary had an opposite
effect for the fortis vs. the lenis stop: IP-initially, the
vowels (compared to the IP-medial ones) showed
smaller H1*-H2* (less breathy) after the fortis stop,
but larger H1*-H2* (more breathy) after the lenis stop.
The interaction was also attributable to the fact that the
effect of Stop was greater in the IP-initial position
(25%, eta2=.685; mean diff., aspirated vs. lenis=-5,
aspirated vs. fortis=2, lenis vs. fortis=6; 50%, eta2,
=.58; mean diff., aspirated vs. lenis=-5, aspirated vs.
fortis=1, lenis vs. fortis=6) than in the IP-medial
position (25%, eta2 =.517; mean diff., aspirated vs.
lenis=-3, aspirated vs. fortis=1, lenis vs. fortis=4; 50%,
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Figure 2: Effects of prosodic factors on H1*-H2*. The Stop
x Focus interaction is illustrated in (a) by the stop category
and in (b) by the focus condition. The Stop x Boundary
interaction is illustrated in (c) by the stop category and in (d)
by the boundary condition. Note that the difference between
the lenis and the fortis was significant in all cases.
(‘*’=p<.05).



Figure 1: Effect of Stop on (a) H1*-H2* and (b) H1*-A1*.
(‘**’ refers to p<.01 and ‘***’ to p<.001).

eta2=.365; mean diff., aspirated vs. lenis=-2, aspirated
vs. fortis=0, lenis vs. fortis=3).

H1*-H2*
(--breathier-->)

F[2,22]=27.65, p<.001; 50%, F[2,22]= 13.71, p<.01),
suggesting that the difference on vowel quality among
the three-way stop categories remains significant.
Vowels were statistically most breathy (greatest H1*H2*) after the lenis stop and least breathy (smallest
H1*-H2*) after the fortis stop. As shown in Fig.1a,
H1*-H2* was intermediate for the aspirated stop at the
25% point, showing a three-way contrast, but it did not
differ from that of the fortis stop at the 50% point.
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3.2. H1*-A1*

A significant main effect of Stop was found at both
25% and 50% points in the vowel (25%,
F[2,22]=85.89, p<.001; 50%, F[2,22] =67.87, p<.001)
showing a three-way distinction among the stops. As
can be seen in Fig.1b, vowels were statistically most
breathy (greatest H1*-A1*) after the lenis stop and
least breathy (smallest H1*-A1*) after the lenis stops.
H1*-A1* was intermediate for aspirated stops,
showing a three-way stop contrast in H1*-A1*.
Effect of prominence. There was a significant Stop
x Focus interaction at both measurement points (25%,
F[2,22]=6.76, p<.01; 50%, F[2,22]=5.66, p<.05). The
interaction was due to the fact that the focus effect was
significant in the vowel after the fortis and the lenis
stop, but not after the aspirated stop (Fig. 3a). The
effect showed an opposite direction for the fortis vs.
the lenis stop, with the focus effect of decreasing H1*A1* for the fortis stop (thus being less breathy/creakier
under focus), but of increasing H1*-A1* for the lenis
stops (being more breathy under focus). Another
attribute to the interaction was the different effect sizes
of Stop in the focused vs. unfocused conditions. As
shown in Fig. 3b, the Stop effect was larger in the
focused condition (25%, eta2=.92; mean diff., aspirated
vs. lenis=-5, aspirated vs. fortis=9, lenis vs. fortis=14;
50%, eta2=.91; mean diff., aspirated vs. lenis=-7,
aspirated vs. fortis=7, lenis vs. fortis=14) compared to
unfocused condition (25%, eta2=.58; mean diff.,
aspirated vs. lenis=-5, aspirated vs. fortis=3, lenis vs.
fortis=8; 50%, eta2=.57; mean diff., aspirated vs.
lenis=-5, aspirated vs. fortis=3, lenis vs. fortis=8).
Effect of boundary (domain-initial). There was a
Stop x Boundary interaction at both 25% and 50% time
points (25%, F[2,22]=6.91, p<.05; 50%, F[2,22]=9.87,

p<.01). The interaction was due to the boundary effect
being only significant after the lenis stop. H1*-A1*
after the lenis stop was larger (breathier) in the IPinitial than in the IP-medial position (Fig. 3c).
Moreover, the effect of Stop was larger in the IP-initial
position (25%, eta2=.8; mean diff., aspirated vs. lenis=8, aspirated vs. fortis=6, lenis vs. fortis=14; 50%,
eta2=.81; mean diff., aspirated vs. lenis=-9, aspirated
vs. fortis=5, lenis vs. fortis=14) than in the IP-medial
position (25%, eta2=.73; mean diff., aspirated vs.
lenis=-2, aspirated vs. fortis=6, lenis vs. fortis=8; 50%,
eta2=.74; mean diff., aspirated vs. lenis=-3, aspirated
vs. fortis=6, lenis vs. fortis=8) (Fig. 3d), showing clear
stop distinction in the domain-initial position.
Figure 3: Effects of prosodic factors on H1*-A1*. The
Stop x Focus interaction is illustrated in (a) by the stop
category and in (b) by the focus condition. The Stop x
Boundary interaction is illustrated in (c) by the stop
category and in (d) by the boundary condition. Note that
the difference between the lenis and the fortis was
significant in all cases. (‘*’=p<.05;‘**’=p<.01;‘***’=p<.001).
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4. DISCUSSION
One of the basic findings of the present study is that
the difference in voice quality of the following vowel,
as indicated by breathiness measures (H1*-H2* and
H1*-A1*), makes a three-way phonetic distinction
among the (Seoul) Korean stop series produced by
young speakers. The amount of breathiness is largest
for the lenis stop, intermediate for the aspirated stop,
and smallest for the fortis stop. The three-way
laryngeal distinction is consistent with what was
reported 16 years ago [3]. This indicates that the voice
quality difference has continued to underlie the threeway stop contrast. This finding is interesting, given the
purported tonogenetic sound change which has
arguably reduced the three-way phonetic distinction to
two primary phonetic cues F0 and VOT (e.g., [2, 16])
in such a way that, for example, the difference between
the lenis and the aspirated stops is signalled primarily
by F0 with no difference in voice quality. The results
of the present study, however, demonstrate that the
Korean stop contrast is still characterized by the
laryngeal contrast at least at the phonetic level.
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Another important finding of the present study is
that the three-way distinction in voice quality is further
conditioned by prosodic strengthening factors: focusinduced prominence and boundary. The prosodic
strengthening effects allow us to understand the
phonological role of the phonetic distinction in voice
quality. For example, de Jong and colleague [7, 8]
suggest that one way to assess the role of phonetic
features in making phonological contrast may be to
examine whether the phonetic feature participates in
enhancing phonological contrast under focus-induced
prominence. The results of the present study showed
that the three-way stop contrast is indeed enhanced
under focus, with the stops being substantially
dispersed along the breathy-creaky phonetic
continuum. The dispersion effect was observed in both
H1*-H2* and H1*-A1*.
The voice quality difference as a function of stop
categories has also been found to be influenced by
prosodic boundary (IP-initial vs. IP-medial). As was
seen in the results section, the exact detail of how the
three-way voice quality distinction was modulated by
boundary was somewhat different from the case of the
prominence-driven strengthening effect. Boundary
effect was mainly observed in H1*-H2*, whereas
prominence effect was mainly observed in H1*-A1*,
showing prosodic strengthening may have different
effects as a function of its source: prominence vs.
boundary (Fig. 2a,3a vs. Fig. 2c,3c). But as was the
case with the prominence effect, the boundary-related
strengthening effect also induces an enhancement of
the three-way stop contrast, showing some degree of
augmented dispersion of the stops along the breathycreaky continuum.
The converging enhancement pattern under
prosodic strengthening is that vowels become more
creaky (less breathy) after the fortis stop, but less
creaky (more breathy) after the lenis stop, contributing
to the enhancement of the phonological contrast.
Interestingly, the voice quality associated with the
aspirated stop falls somewhere in between, which may
be understood as an effort to retain the contrast by
maintaining its intermediate position.
The results taken together imply that variation in the
voice quality difference as a function of prosodic
strengthening is not a mere low-level phonetic effect
that would otherwise have applied to all three stops in a
collective way, but is an outcome of the phoneticprosody interface in reference to the phonological
contrast in the language. The results also suggest that
understanding the nature of laryngeal (voicing) contrast
that occurs in Korean as well as in other languages
requires multi-dimensional approaches to explore the
phonetic realization of both the primary and other nonprimary phonetic features [e.g., 1, 18, 19]. It remains to
be seen to what extent the voice quality difference is
exploited by the listeners and how the voice quality
cues may interact with F0 and VOT [cf. 19].
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The relationship between voice onset time (VOT)
and F0 has been studied from the perspective of the
effect of stop voicing contrasts on pitch and the
interrelationship of phonation type and tone, but less
has been reported about the effect of tone on VOT.
This paper reports on an acoustic study of Diaspora
Tibetan, which contrasts high and low tones as well
as word-initial aspirated and unaspirated stops.
Results indicate that VOT is longer for high-tone
words than low-tone words, but only for aspirated,
not unaspirated stops. VOT difference may enhance
the tone contrast, but does not appear to exist in a
trading relation with pitch. Additionally, variable
prevoicing, produced by all speakers, was only
observed in unaspirated stops with low tone, not
with high tone. These results suggest that
phonological tone conditions VOT in Diaspora
Tibetan.
Keywords: Tone, Aspiration, Tibetan, ConsonantTone Interaction
1. INTRODUCTION
1.1. VOT and F0

Voice onset time (VOT) is a well-established
acoustic parameter most closely associated with
voicing and aspiration contrasts in stops. It also
varies according to other parameters, such as place
of articulation [9] and surrounding segmental
context [8]. While languages commonly contrast
long, short, and/or negative VOT, the precise values
of these parameters also vary by language [3].
The relationship of VOT and pitch (F0) has been
studied from a number of perspectives, including
typological and experimental work on vocal fold
tension, an articulation involved in producing both
longer VOT and in higher F0; conversely, voicing is
associated with lowered F0 [6,10]. Raising the
larynx has also been linked both to voiceless stops
and to raised pitch [15].
Past research has thus focused on the effect of
common articulation on both F0 and voicing/
aspiration, or on the effect of laryngeal phonology
and phonetics on F0. This paper, however, presents
evidence of, in a sense, the opposite, where VOT is
conditioned by tone. As shown in section 3.2,
aspirated stops have longer VOT with high tone than
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with low tone, an unusual result that may serve as a
secondary cue for tone. If degree of VOT difference
were such a secondary cue, it might be expected to
exist in a trading relation [14], though this
hypothesis is not supported.

1.2. Language Background

Central Tibetan is typically described as contrasting
two tones: high and low, where the high tone is level
while the low tone exhibits a rise in pitch. The
highest pitch achieved in both tones, while occurring
at different points, is described by Duanmu [5] and
Tournadre and Dorje [16] as reaching the same level.
This suggests that the same tone gesture could be
responsible for both tones, by being timed
differently with respect to the oral gestures.
As in other Tibeto-Burman languages, tones and
word-initial consonants have a close diachronic
relationship in Tibetan, with the high and low tones
arising from a reanalysis of historic voiceless and
voiced consonants [7,11]. However, the language
today is described as having voiceless aspirated and
unaspirated stops co-occurring with both tones, and
variable voicing of unaspirated stops with low tone
[3,16].
Tibetan VOT and tone contrasts are most
prominent at the beginnings of words. Stop
aspiration and voicing contrasts are neutralized in
non-initial positions, and the tone of a polysyllabic
word is determined by the tone of its first syllable—
the high-level or rise takes place over the duration of
the word irrespective of the number of syllables in
the word. Thus, this paper focuses on the
measurement of tone in the first syllable of
disyllabic words, and the VOT of word-initial stops.
2. METHODS
2.1. Speakers

Data was collected from 19 native speakers of
Tibetan (8 women, ages 20-38, mean 24.2) living in
the Kathmandu Valley, Nepal, recorded in 2016 as
part of a larger study. Eleven were born and raised in
Nepal, while the remaining eight were born in
Central-Tibetan-speaking regions of the Tibet
Autonomous Region but arrived in Nepal before the
age of eleven.

!

2.2. Data Collection

3. RESULTS
3.1. Status of pitch contrast

The z-score was calculated by speaker for each time
interval across the first vowel of disyllabic words.
Fig. 1 illustrates the difference in z-scored F0 tracks
for all speakers, demonstrating the tonal contrast on
first-syllable vowels.
In light of anecdotal concern that some speakers
may exhibit a tone merger, we sought to determine
the presence of a tone contrast for each speaker. The
lme4 [1] package in R [13] was used to fit a linear
mixed-effects model to the normalized F0 data for
each speaker. A baseline model included fixed
effects of normalized time and a random effect of
lexical item. This baseline model was compared
with a second model featuring an interaction
between tone and time. P-values were obtained by
likelihood ratio tests of the second model against the
baseline model, and all speakers showed that adding
a fixed effect of tone significantly improved the
model (p < .001).
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3.2. VOT contrast

Fig. 2 illustrates differences in word-initial VOT, zscored by speaker, according to aspiration and tone
categories. VOT was longer for aspirated stops with
high tone (mean 72.7 ms, sd 22.6) than with low
tone (mean 48.1 ms, sd 26.2), with less difference
between unaspirated stops with high tone (mean
15.2 ms, sd 5.1) than with low tone (mean 9.4 ms, sd
64). With the exception of two outliers in the lowtone aspirated category, which we interpret as
speech errors, all tokens produced with negative
VOT were unaspirated and low-toned, representing
23% (n = 65) of unaspirated low-tone tokens. This is
in line with previous descriptions of this category as
voiced or variably voiced [3,16]. Prevoicing was
highly variable: all speakers produced some tokens
in this category with prevoicing, and no speakers
produced all tokens
in this category with
prevoicing.
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Figure 2: Word-initial voice onset time (VOT) zscored by speaker, across categories of tone and
aspiration.
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Recordings were made on a Zoom H4N recorder at a
48kHz sampling rate with an Audio-Technica
ATM73a headset microphone.
The 64 items used in this study were presented as
a wordlist in the Tibetan orthography, for which
speakers were asked to read each item twice. The
items include a range of monosyllabic and disyllabic
words with both high and low tones, word-initial
onset consonants with a range of places of
articulation and specification of aspiration, as well
as diverse vowels.
However, while all possible combinations of
both tones with word-initial onsets by aspiration
category are represented, the numbers of these items
are not balanced. 6 items were low-tone and
unaspirated, 7 items were high-tone and aspirated, 8
items were low-tone and aspirated, but only one item
was high-tone and unaspirated.
F0 and VOT measurements were made in Praat
[2]. F0 measurements were taken at the midpoint
and at ten time-normalized intervals across the first
vowel of each of the 43 disyllabic words (16 hightone, 27 low-tone). Disyllabic words were chosen
because it is there that the high-level and low-rising
contrast is most clearly realized. VOT was measured
for the 22 stop-initial words from the beginning of
the release burst to the onset of voicing.

Figure 1: Time-Normalized z-score pitch
trajectory in first-syllable vowel, across all
speakers.

To test the significance of the observed
differences in VOT by tone, we fit linear mixedeffects models to the speaker-normalized VOT data.
A baseline model included random effects of lexical
item and speaker and a two-level fixed effect for
prevoicing (with a reference level of positive VOT).
This was compared to a second model with a fourlevel fixed effect of tone and aspiration, representing
the four combinations shown in Fig. 2; the low-tone
aspirated category was chosen as the reference level
because of its apparent intermediate value and
central position in the contrast system. The model
comparison using ANOVA is summarized in Table 1.
Results indicate that the addition of tone-aspiration
category significantly improved fit over the baseline
model.

!

Table 1: Comparison between models predicting
VOT: a baseline model and one with a four-level
effect of tone/aspiration category

!

Model

Df AIC

logLik

4. DISCUSSION

p value

Baseline

5

973.7

-481.9

+ tone/asp

8

957.4

-470.7 >.001*

! The coefficients of this model are presented in

Table 2. As compared to the VOT of the low-tone
aspirated category (represented by the intercept,
which is not significantly different from zero), this
table shows that the low-tone unaspirated category is
not significantly different, the high-tone unaspirated
category has lower VOT, and the high-tone aspirated
category has higher VOT. The effect of negativeVOT tokens as compared to positive VOT tokens is
also included, identifying the subset of low-tone
unaspirated tokens with negative VOT.

!

Table 2: Fixed effects of the better-fitting model in
Table 1. Low-tone aspirated is the reference level,
with the next three rows representing other
combinations of tone and aspiration. “Negative
VOT” is a different factor included to identify the
effect of prevoicing.

!

Fixed effect

Estimate Std. error p value
0.193

0.146 0.1999

L,unaspirated

-0.315

0.182 0.1010

H,unaspirated

-0.813

0.348 .0315*

0.472

0.181 .0181*

-2.271

0.064 >.001*

(Intercept)

H,aspirated
Negative VOT

!!

This conditioning of VOT in (only) aspirated
stops by tone is an unusual result, and lacks a clear
physiological explanation or motivation. It has long
been known that multiple cues can contribute to a
contrast, often in a trading relation [14].
In order to test for a possible trading relation
between VOT and F0, we looked for a correlation
between the size of VOT contrast among high-tone
words with the size of the F0 contrast. For each
speaker, we measured the difference in speakernormalized VOT in high- and low-tone aspirated
stops. We also measured the difference between
speaker-normalized F0 at the midpoint of firstsyllable vowels with both tones; the midpoint was
chosen because the correlation of interest was with
tone target, not local coarticulatory effects.
However, a Pearson Product-Moment Correlation
found no significant correlation (r(17) = -0.32, p = .
175) between the magnitude of F0 and VOT
differences.
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The present study has confirmed the robust nature of
the tonal contrast Diaspora speakers of Central
Tibetan, and investigated the relationship between
tone, voicing, and aspiration.
As discussed in section 3.1, tonal contrast serves
to distinguish the high- and low-toned words, so the
overlapping VOT ranges discussed in section 3.2 do
not obscure this contrast. However, the lack of VOT
difference between aspirated and unaspirated stops
with low tone—an apparent (partial) merger—
indicates that the variable prevoicing on low-tone
unaspirated words may play an important role in
maintaining this contrast.
In addition to prevoicing, tone also conditions
VOT among aspirated stops: high-tone aspirated
stops have longer VOT than their low-tone
counterparts. The direction of this association should
not come as a surprise, given the natural association
between aspiration and raised pitch through vocal
fold tension, for example [6]. Additionally, while F0
(at first-vowel midpoint) and VOT do not appear to
exist in a trading relation, the condition could serve
to enhance contrast. While the aspirated/unaspirated
contrast among low tones is enhanced by variable
prevoicing, this option is not available for high-tone
unaspirated stops. Therefore, to maximize the
contrast between high-tone stops, as well as between
aspirated stops, the lengthening of high-tone
aspirates is a reasonable strategy.
However, the contrast enhancement between the
aspirated stops of different tones comes at the
expense of another contrast, that between low-tone
aspirated and unaspirated stops. The VOT values of
these stops are effectively merged, since the lowtone unaspirated stops exhibiting prevoicing
constitute a minority of tokens even in the very

careful speech style elicitation context used in this
study. That the prevoicing has remained confined to
the low-tone unaspirated category indicates that the
aspirated-unaspirated contrast remains active for
speakers despite the frequent ambiguous VOT
durations. In light of this, why would speakers not
produce low-tone aspirated stops with longer VOT,
in order to distinguish them from the majority of
low-tone unaspirated tokens that lack prevoicing?
These results parallel those of McCrea and
Morris [12], who found an effect of F0 on VOT for
English voiceless (aspirated) stops but not
“voiced” (unaspirated) stops. However, they found
shorter, not longer, VOT with higher pitch, and of
course English does not have lexical tone as Tibetan
does. But they speculate that stops with long VOT
may be more permissive of phonetic effects that
condition VOT given their wider temporal range;
speakers may control short-VOT stops, with their
smaller ranges, to minimize such effects. They
further speculate that the physiology of short-lag
stops may reach a maximum VOT value which, if
exceeded, would lead to the different glottal state
used that results in aspiration noise.
Of these two explanations, the former—tighter
speaker control of short-VOT stops—is less
plausible for Tibetan given the wide range, both
above and below the median, of the VOT values in
the low-tone unaspirated category. With such a
variation in VOT, adequate range should exist for
speakers to allow variation caused by any phonetic
effects of tone. That these are not observed in
unaspirated stops suggests this explanation is not
adequate for the Tibetan data.
Alternatively, there could be a significant
difference in the phonetics of aspirated vs.
unaspirated stops beyond VOT alone. Whatever
factor is present for aspirated stops could thus allow
for greater interaction with F0 than is possible with
unaspirated stops. However, investigating this would
require more extensive research into the articulation
these stops in terms of vocal fold stiffness, larynx
raising, and other factors.
5. REFERENCES
[1] Bates, D., Maechler, M., Bolker, B., Walker,
S. 2015. Fitting Linear Mixed-Effects
Models Using lme4. Journal of Statistical
Software 67, 1-48.
[2] Boersma, P., 2002. Praat, a system for doing
phonetics by computer. Glot international 5.
[3] Chang, K., Shefts, B., 1964. A Manual of
Spoken Tibetan (Lhasa Dialect).
[4] Cho, T. and Ladefoged, P., 1999. Variation
and universals in VOT: evidence from 18
languages. Journal of Phonetics 27,
207-229.

2424

!!
!!
!!
!!
!!
!!

[5] Duanmu, S., 1992. An autosegmental
analysis of tone in four Tibetan languages.
Linguistics of the Tibeto-Burman area 15,
1-27.
[6] Halle, M., 1971. A note on laryngeal
features, QPR Research Laboratory of
Electronics. MIT 101, 198-213.
[7] Hombert, J.M., Ohala, J.J. and Ewan, W.G.,
1979. Phonetic explanations for the
development of tones. Language, 37-58.
[8] Klatt, D.H., 1976. Linguistic uses of
segmental duration in English: Acoustic and
perceptual evidence. J. Acoust. Soc. Am. 59,
1208-1221.
[9] Lisker, L. and Abramson, A.S., 1964. A
cross-language study of voicing in initial
stops: Acoustical measurements. Word 20,
384-422.
[10] Löfqvist, A., Baer, T., McGarr, N.S. and
Story, R.S., 1989. The cricothyroid muscle
in voicing control. J. Acoust. Soc. Am. 85,
1314-1321.
[11] Matisoff, J.A., 1999. Tibeto-Burman
tonology in an areal context. In Proceedings
of the symposium “Crosslinguistic studies of
tonal phenomena: Tonogenesis, Japanese
Accentology, and Other Topics. 3-31. Tokyo:
Tokyo University of Foreign Studies
[12] McCrea, C.R. and Morris, R.J., 2005. The
effects of fundamental frequency level on
voice onset time in normal adult male
speakers. Journal of Speech, Language, and
Hearing Research 48, 1013-1024.
[13] R Core Team. 2013. R: A language and
environment for statistical computing. R
Foundation for Statistical Computing,
Vienna, Austria. URL www. Rproject.org
[14] Repp, B.H., 1982. Phonetic trading relations
and context effects: New experimental
evidence for a speech mode of perception.
Psychological bulletin 92, 81.
[15] Stevens, K.N., 1977. Physics of laryngeal
behavior and larynx modes. Phonetica 34,
264-279.
[16] Tournadre, N. and Rdo-rje (Gsaņ-bdag.),
2003. Manual of standard Tibetan: language
and civilization. Snow Lion Publications.

QUESTIONS AS PROSODIC CONFIGURATIONS:
HOW PROSODY AND CONTEXT SHAPE THE MULTIPARAMETRIC
ACOUSTIC NATURE OF RHETORICAL QUESTIONS IN GERMAN
Jana Neitsch & Oliver Niebuhr
Centre for Industrial Electronics, Mads Clausen Institute, University of Southern Denmark, Sønderborg/DK
jana@neitsch.com, oniebuhr@mci.sdu.dk

ABSTRACT
Contrary to information-seeking questions (ISQs),
rhetorical questions (RQs) occur in non-neutral contexts, e.g., to criticize, challenge, or persuade the
addressee. We study the influence of two attitudinal
contexts (disgust and mockery) on the prosodic
realization of wh-RQs (Who likes lavender?) in German relative to a non-attitudinal control condition of
ISQs realized in a sincere interest context. RQs
show context-specific acoustic and phonological
differences, but are, overall, more strongly separated
from ISQ realizations. Moreover, the way in which
RQs and ISQs differ from each other as well as from
statements in German suggests that German questions represent a coherent bundle of parameters – a
so-called "prosodic construction" – that is
constituted to a larger extent by gradual acoustic
parameters than by categorical phonological ones.
Keywords: Rhetorical question, attitude, prosodic
construction, acoustic analysis, German.
1. INTRODUCTION
In contrast to information-seeking questions (ISQs)
with which the interlocutor receives knowledge from
the addressee [1,2], rhetorical questions (RQs) imply
answers that are already known to all interlocutors
[3] and, on that basis, seek the addressee's commitment with respect to the underlying proposition [4].
Isolated from their context, questions like Who
likes playing soccer? can basically be both an ISQ or
an RQ [5]. This also applies to German [6]. Some
researchers consider context the most salient determiner of an RQ [4,5,6]. It facilitates the "understanding of the question as not doing questioning"
[7,p.55]. Exploiting this role of context, a recent
study [8] investigated the prosodic realization of
German polar and wh-questions in contexts that triggered either a rhetorical or an information-seeking
reading of the same question. Compared to ISQs,
RQs in this study showed longer utterance durations
(esp. of the sentence-final object noun), a breathier
voice quality, and a different phonological make-up
of their nuclear tunes (polar: ISQ L* H-^H% vs. RQ
L*+H H-%; wh: ISQ L+H* L-H% and L+H* L-%
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vs. RQ L*+H L-%). These findings parallel those of
[9] by showing that RQs are, just like ISQs, multiparametric prosodic entities.
Furthermore, RQs and ISQs share the same morpho-syntactic question markers and they both differ
from statements along the same prosodic parameters.
However, unlike often intuitively assumed by language users, RQs are not prosodically closer to statements than ISQs. The opposite is true. There are
several prosodic features (like duration and voice
quality) in which RQs differ even more from statements than ISQs [8,9]. One reason for this could be
the ironic flavor that characterizes many RQs.
Several researchers consider irony a major function
of RQs [10,11,12] or state that RQs are frequently
used to express ironic remarks [5,11,12] – and exaggerated prosody can be one way of expressing
irony. In [13], it is noted that exaggerated pitch
patterns "indicate clearly fake enthusiasm" (p.250).
Irony is not the only contextual coloring which with
RQs occur, though. RQs also enable speakers to criticize or persuade the addressee, or to create humor
[12,14,15,16,17,18,19,20].
To sum up, RQs are on the one hand fundamentally similar to ISQs. Both show a multi-parametric
prosodic marking of the communicative function
'question' at the acoustic level, in addition to using
the same morpho-syntactic means. On the other
hand, RQs and ISQs are fundamentally different. In
contrast to ISQs, RQs are a type of question that
cannot simply be posed out of the blue and with the
neutral intention of information transfer. Rather,
RQs are strongly attitudinally and/or expressively
colored, depending on the contexts in which they
occur, and this also shapes the prosody of RQs.
It is for this reason that RQs are an ideal testbed
for studying the multi-parametric prosodic nature of
the communicative function 'question'. First, by analyzing RQs, we can expect that prosodic differences
to statements show up more clearly and, thus, can be
analyzed more reliably than for ISQs. Second, comparing RQ realizations across attitudinal contexts to
ISQ realizations will reveal which prosodic parameters – acoustic-phonetic as well as phonological ones
– vary as a function of the question-statement difference itself and which parameters show a separate
variation pattern that is associated with the contextu-

al/attitudinal embedding of RQs rather than with the
question-statement difference itself.
The present paper specifically focuses on the second point and represents the authors' initial step into
investigating whether the communicative function
'question' represents a prosodic construction in German, i.e. a consistently "recurring temporal pattern
of prosodic activity" [21,p.2]; and if so, which prosodic parameters are part of this construction. Those
parameters that form a prosodic construction would
act as a coherent bundle. That is, if one parameter
shifts along its phonological or physical axis, then
all other parameters would show a parallel shift so
that ISQs and RQ types only differ in how strong
these parallel shifts are pronounced.
Addressing the issue of questions as prosodic
constructions will additionally help figuring out
whether RQs and ISQs are clearly separated across
contexts and along each prosodic parameter and
whether further parameters separating RQs and ISQs
emerge when context is taken into account properly.
We analyze the multi-parametric prosodic variation of string-identical questions produced in different contexts that trigger sincere interest on the one
hand and either disgust or mockery on the other. Disgust and mockery represent two contextual embeddings for the realization of RQs. Sincere interest represents the contextual reference condition. That is,
it elicits ISQs whose realizations are compared to
both RQ subtypes. Disgust and mockery were selected, because they represent not only typical but also
very different attitudinal/expressive realization contexts for RQs. Our selection of acoustic and phonological prosodic parameters was geared to those parameters that turned out to be relevant in producing
and identifying German ISQ and RQ in previous
empirical studies (e.g., [8,9]).
Note that due to the pilot nature of our study and
the small dataset we restrict ourselves to a descriptive analysis of the acoustic data and report only
those differences that appear consistent enough to
become statistically significant in the dataset of a
larger follow-up study.
2. EXPERIMENT
2.1. Methods

2.1.1. Materials
Six questions were designed. Their wording was
equally compatible with RQs and ISQs. Each question started with the wh-word wer (‘who’) followed
by a verb and the modal particle denn (that occurs
with both illocution types in German [22]). Questions are concluded by a sentence-final object noun.
The object noun was mainly sonorous and consisted
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of three syllables with primary lexical stress on the
penultimate syllable (e.g., Wer mag denn Lavendel?
'Who likes PRT lavender?').
All the six questions were paired with short
contexts for disgust, mockery and sincere interest,
see Table 1. Each context already introduced the
sentence-final object noun so as to make sure that it
was prosodically realized as given information in the
subsequently elicited question. All contexts were
tested in previous production and perception studies
and proved to be effective and reliable in eliciting
the ISQs and RQs with their targeted attitudes.
Contexts were presented as texts.
Table 1: Example contexts for RQ/ISQ elicitation.
Mockery
Disgust
Sincere interest
Your mother tells
you that her neighbour read in the
newspaper
that
lavender can be
eaten. The other
day she observed
him sitting in the
garden and eating
the blossoms which
you both find
extremely funny.
You say:

You and your friend
walk into a perfumery where a woman
instantly offers you
a new scent with
lavender. But you
and your friend find
the scent so gross
that you quickly
continue
walking
because you are
feeling nauseous.
You say:

You and your room
mates want to plant
a small flowerbed
in your garden and
you have always
dreamt of lavender.
You are very interested in whether
the others agree
with that.

You say:

Who likes lavender?

2.1.2. Participants
So far, five voluntary monolingual native speakers
of German have been recorded in a sound attenuated
booth (ø = 22.6 years, 2 male).
2.1.3. Procedure
Participants received the context-question pairs in
the form of a Power Point presentation. Context and
question were displayed on subsequent PPT slides.
Each participant realized each question in all
three attitudes. Occurrences of the same question
were separated by at least two other context-question
pairs. Participants were asked to read the given context silently. Then, upon button press, the corresponding question was presented on the next slide.
Participants had to realize the question aloud as
naturally as possible and such that it would sound
appropriate in the given situational context frame.
The experiment was self-paced.
Prior to the experimental session, participants
were presented with a written instruction on a sheet
of paper. In total, 90 questions were recorded: 5
speakers x 6 questions x 3 attitudes.
Using Praat [23], a phonetically trained annotator
labeled the word boundaries in all questions as well
as the pitch-accent and boundary-tone categories
following the GToBI conventions for German [24].
Word boundaries were used to take two duration

measurements, i.e. absolute utterance duration and
absolute constituent duration (of the final object
noun). For the analysis of voice quality, the Harmonics-to-Noise Ratio [HNR in dB, e.g., 25] was
automatically extracted in the stressed syllables of
the wh-word, the verb and the sentence-final object
noun. HNR values were extracted at the vowel midpoints via Praat's Voice Report [30] in the frequency
range between 100-600Hz. Note that vowels with
modal voice quality show higher HNR-dB-values
than breathy vowels. Finally, in order to determine
how high-pitched a question started, the first pitch
point of each utterance was automatically extracted
and measured in Hz (which was possible because
speaker was a within-subjects factor).
3. RESULTS
Figure 1 summarizes schematically – and proportionally for each analyzed parameter – in which way
and to what extend the question realizations in the
three context conditions differ from one another.
Figure 1: Value ranges of all analyzed parameters
from the smallest level or frequency (left) to the
highest level or frequency (right). The intermediate
level or frequency is displayed proportionally
within each value range. VQ means 'voice quality'.

The analysis of the nuclear accents showed that
sentence-final object nouns in disgust contexts were
exclusively realized with rising pitch patterns, i.e.
either L*+H (73%) or L+H* (23%). In contrast,
more than every fourth object noun in mockery
contexts had non-rising pitch patterns like L* (10%)
and H* (10%). Rising L*+H was also the most
frequent pattern in mockery, though (63%, L+H*:
10%). The variation in nuclear pitch accent patterns
was largest in the sincere-interest contexts. Moreover, in these contexts it were the low or falling
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pitch-accent patterns that prevailed (L*+H: 37%,
L+H*: 10%, L*: 47%, H*: 3%).
The analysis of the final boundary tone showed
that questions produced in disgust and mockery
contexts were predominantly realized with a low
boundary tone (L%: 90% and 97%), whereas questions from sincere-interest contexts mainly had a
high boundary tone (H-^H%: 47%, L-H%: 37%).
Regarding pitch level at the beginning of questions, results reveal on average higher initial pitch
values in mockery contexts (207 Hz) than in disgust
contexts (195 Hz), while questions from the sincereinterest contexts started on average at an intermediate initial pitch level (203 Hz).
Results concerning total question durations show
that questions produced in disgust contexts were on
average realized longer (1384 ms) than those produced in mockery contexts (1351 ms). Yet, both
mockery and disgust questions had longer total durations than the questions from the sincere-interest
contexts (1141 ms). Similar to the findings in [8],
context-related duration differences between questions were most strongly pronounced in the sentence-final object noun. The noun was longest in
disgust contexts (807 ms), had an intermediate
duration in the mockery contexts (772 ms), and was
shortest in the sincere-interest contexts (620 ms).
The analysis of voice quality (based on vowel
midpoints) yielded the following results: lexical whelements were produced breathier in the sincere
interest (13.3 dB) and disgust contexts (13.5 dB)
than in the mockery contexts (14.1 dB). On the verb,
however, voice quality was breathiest in the disgust
contexts (11.6 dB), less breathy in the mockery
contexts (13.3 dB) and least breathy in the sincere
interest contexts (13.6 dB). This tripartite voice
quality difference became stronger at the end of the
questions, i.e. within the sentence-final object noun
(disgust contexts: 14.5 dB, mockery contexts: 15.1
dB, sincere interest contexts 16.4 dB).
As a supplement to the above eight parameters
that were selected and analyzed on the basis of previous studies [8,9], we used the tonal-target labels L
and H from the phonological analysis in order to determine and compare the f0 shapes of the rising and
falling slopes in the question-final nuclear tunes. For
the sake of comparability, only those nuclear tunes
were taken into account that consisted of tri-tonal
LHL sequences. The three f0 values of L, H, and L
were measured as well as the two f0 values halfway
in between the three tones. On this basis, the range
proportion measure (Rprop) was determined, following [26]. Rprop is the F0 range from onset to mid of
the rising or falling slope divided by the total range
of that slope. The results of our f0-shape analysis
showed that nuclear question tunes in disgust and

mockery contexts were characterized by clearly concavely shaped f0 rises with Rprop values well below
0.5 (0.40 and 0.36), followed by more convexly
shaped f0 falls (0.69 and 0.76). The opposite was
true for the nuclear question tune in the sincereinterest context whose f0 rise was convexly shaped
with a Rprop value of 0.59, followed by a strongly
concavely shaped f0 fall of Rprop = 0.96.
4. DISCUSSION
Regarding the general differences between RQs
(mockery/disgust) and ISQs (sincere interest), our
results are consistent with those of previous studies,
e.g. [8], which adds to the validity of the presented
data, despite the small sample. In terms of phonological parameters, we found, like [8], that the nuclear pitch accent is mainly rising in RQs, but falling in
ISQs. With respect to the final boundary tone, RQs
had a low and ISQs mainly a high boundary tone.
This supports what was stressed by [9]: final boundary tones have a specific meaning, and this specific
meaning is not simply 'question'. That is, there is no
straightforward link between sentence mode and
final boundary tone. This single fact implies already
that also the prosodic differences between RQs and
ISQs do not originate from signaling illocution type,
but from expressing different attitudinal stances.
Regarding the gradual acoustic-prosodic parameters, we replicated the result of [8] for duration: Both
the total durations and the durations of the final
object nouns were greater in RQs than in their ISQ
counterparts. It also accords with [8] that breathiness
dominated in RQs as opposed to ISQs. RQ breathiness was strongest on the verb, but the difference to
ISQs was strongest on the final object noun.
Against the background of these empirical agreements with other studies, the present pilot study also
sheds initial light on the prosodic-construction
nature of German questions. First, our results show
that the realization of RQs in German is clearly
context-specific. That is, there is not a single stable
prosodic RQ profile. Yet, RQs still differ from ISQs
along the entire prosodic profile that we analyzed;
and the differences between RQs and ISQs were
larger than those between the two RQ subtypes
mockery and disgust. Thus, RQs are also not simply
"real" questions (ISQs) with one or two minor
prosodic differences. Rather, they are prosodically
an entirely different phenomenon.
As for the specific nature of this phenomenon,
note that, firstly, RQs differ from ISQs along the
same prosodic parameters that also distinguish ISQs
from regular statements in German [9]. Compared to
the latter, ISQs are realized longer, breathier, and
with stronger concave rises and convex falls in the
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LHL sequences of nuclear tunes [27, 28]. RQs seem
to exaggerate these differences. That is, RQs seem to
be even more question-like than ISQs. This exaggeratedness is also observed in ironic utterances [10-13]
and when people use a "borrowed voice" instead of
their own voice. A similar mechanism could be at
work here, for example, in order to attenuate the
expressed mockery or disgust – in addition to the
morphosyntactic question frame itself. That (esp.
mockery) RQs started with a higher initial pitch than
ISQs also supports the idea of an exaggerated RQ
prosody, see [9].
Secondly, note with respect to mockery and
disgust that the prosodic profiles of the elicited RQs
are not simply one-to-one reflections of the respective related emotions, see, e.g., [29]. Instead, the corresponding related emotion profiles seem to be modified and translated into gradual parallel changes
along a parameter profile that distinguishes questions from statements in German.
In conclusion, in all analyzed aspects, RQs and
ISQs clearly differ from each other and so do contextual subtypes of RQs. Simultaneously, however,
these differences manifest themselves as parallel
gradual parameter shifts along the same prosodic
profile. Gradual parameter shifts along this profile
can also turn questions into statements in German.
We interpret these findings as initial evidence
that the analyzed parameters are not changed independently of each other by speakers, but coherently
in the form of a bundle whose features are all shifted
in parallel to a variable extent. In this sense, we
found initial evidence for questions as prosodic
constructions, i.e. "recurring temporal patterns of
prosodic activity" [21,p.2]. The construction involves at least duration, voice quality, and f0 shape.
It does not seem to involve the final boundary tone
(statements do not differ systematically in this
respect from ISQs) and the initial pitch level (no covariation relative to other parameters, see Fig. 1).
The role of the nuclear pitch accent is unclear, but it
is generally reasonable to assume that gradual
acoustic parameters contribute more to a prosodic
construction than categorical phonological features.
More data, more RQ subtypes, and 'statement' as
a second reference condition besides ISQs will help
us further support our preliminary results. In a next
step the results for German will also be compared to
those of an analogous study in Brazilian Portuguese.
This study is currently ongoing. Moreover, perception studies are needed in the future to test whether
the fine-grained prosodic distinctions between RQ
subtypes are perceivable, and whether listeners systematically associate these distinctions with the corresponding attitudinal stances (like mockery and disgust) and the right illocution type (RQ).
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When is a wh-in-situ question identified in standard Persian?
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ABSTRACT
Wh-in-situ questions are typical of sentences which
contain temporary syntactic ambiguity. The current
research adopted the gating paradigm [7] to
investigate when distinctive prosodic cues of the
pre-wh part enable identification of wh-in-situ
questions in standard Persian. A forced-choice
sentence identification task was designed in which
40 pairs of gated wh-in-situ questions and
declaratives were played to 20 Persian native
speakers. As we hypothesized, correct identification
responses were given from the first gate (75%). The
statistical analysis demonstrated that response
accuracy to declaratives is higher and reaction time
to declaratives is shorter than to questions. It was
also revealed that response accuracy, and confidence
rating increases and reaction time decreases as the
gate number increases.
The results corroborate proposals on the role
of prosody in processing syntactic ambiguity [22,8],
and suggest that the role of prosody in the
identification of Persian wh-in-situ questions is
earlier and richer in comparison to other languages.
Keywords: Persian, wh-in-situ questions, prosody,
gating
1. INTRODUCTION
Prediction in speech comprehension is of great
importance because it can indicate the sentence type
before the end of the sentence and thus accelerate
sentence processing and response preparation [8,9].
Previous literature demonstrated the influential role
of prediction in processing speech [4,8,9,22], and of
prosody in predicting the eventual syntactic structure
of ambiguous sentences (e.g. [1,2,5,14,16,22,27].
The role of prosody in processing becomes
prominent when other sources of information, such
as syntactic information regarding the clause type,
are absent from the utterance [8,9]. Wh-in-situ
question is a type of interrogative which typically
has local syntactic ambiguity. One language
characterized by in-situ wh-questions is Persian (e.g.
[13]) (see 1b). This study adopted the gating
paradigm to investigate the role of prosody in
processing and prediction of sentence type in Persian
wh-in-situ questions vs. declaratives. The gating
technique enables to limit the amount of information
input by controlling for the temporal presentation of
the acoustic signal. This property helps to determine
when in the signal the discriminant acoustic
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information is accessible to feed the process of
comparing competitors1 and possibly lead to the
correct prediction of the target [1]. The gating
technique also helps to assess whether prediction
improves as the listener progresses through the
signal [8,10].
(1) a. mærjæm ʔæsr
bɑzi- kærd.
Maryam afternoon
play-do.PAST.3SG.
“Maryam played in the afternoon.”
b. mærjæm kej
bɑzi- kærd ?
Maryam when
play-do.PAST.3SG.
“When did Maryam play?”

2. BACKGROUND
In a production experiment, [21] found that a greater
pitch excursion of the pitch accents realized on the
pre-wh words, a higher level of pitch mean, a higher
F0 onset, a shorter duration, and a steeper inclination
of the pitch contour of the pre-wh part contribute to
the prosodic distinction of the pre-wh part in Persian
wh-questions vs. declaratives. In a later perception
study by [20], it turned out that the prosodic
correlates of the pre-wh part of a sentence can cue
correct identification of Persian wh-in-situ questions
as opposed to declaratives in the absence of the whphrase at the sentence-initial position (response
accuracy is 90.3%). This result raises a new
question: where in the pre-wh part does the relevant
distinctive prosodic information become available to
feed the process of sentence type prediction? The
current study aims to answer this question.
The previous gating studies mainly
concentrate on yes-no questions and declarative
questions as globally ambiguous sentences in
languages other than Persian (e.g. [6,17,18,24,25]).
As to our knowledge, the gating studies on prosodydriven perception of wh-in-situ questions vs.
declaratives are limited to Mandarin Chinese
[11,28]. This suggests that wh-in-situ is an
understudied question type with respect to the role
of prosody in decoding it in comparison to its
matching declarative. Furthermore, Persian is an
understudied language with respect to the role of
prosody in sentence type identification and there is
no gating study on the perception of Persian wh-insitu questions vs. declaratives. This study fills this
gap by adopting the gating paradigm to investigate
the role of prosody in processing Persian wh-in-situ
questions.

3. RESEARCH QUESTIONS, APPROACH
AND HYPOTHESES
At what point can Persian native speakers use
prosodic correlates to predict wh-in-situ questions
before the wh-phrase is made audible? To answer
this question, a forced-choice sentence identification
task is designed, in which the gating method of
stimuli presentation is applied. Twenty Persian
native speakers listened to the gated pre-wh part of
20 wh-in-situ questions and 20 declaratives. After
hearing each gate, participants had to decide as
quickly as possible which sentence type the stimulus
in the gate was extracted from, i.e. a declarative or a
wh-question, and to indicate how confident they
were about their response on a five-point scale.
Prosodic correlates differentiate wh-in-situ
questions from declaratives from the beginning of
the sentence (cf. §1). Thus, based on the assumption
that listeners have the implicit knowledge of the
correspondence between sentence type and prosody
and are able to use it to process spoken utterances
[22], we hypothesize that Persian native speakers
can start sentence type prediction from the beginning
of the sentence. Along the same lines, we predict
that identification improves and confidence rating
increases as the amount of discriminating prosodic
information increases.

experiment, variation in the DWCs, the wh-phrases
and their matching verbs are included in the formula
to clarify how we arrived at 320 stimuli. The number
of wh-questions and their matching declaratives was
the same across wh-phrases. The pre-wh part of the
sentences was separated from the remaining part of
the sentence in Praat version 6.0.04 [3], and
truncated into seven gates based on the number of
the syllables it contained. The first gate contained
the first two syllables of the pre-wh part (see 4 and
Figure 1). One syllable was added at the following
gates such that each gate contained the previous
gate(s) plus one more syllable, e.g. gate 2 includes
gate 1 plus the third syllable.
Figure 1. The seven gates of a declarative stimulus. The
“L” and “H*” represent the valleys and the peaks of the
realized pitch accents. The other tiers represent the gate
boundaries. The letter g represents the word gate and the
number designates the gate number.

4. METHOD
4.1. Participants
Ten male and ten female Persian native speakers
participated in this study. None of them reported any
hearing impairment.
4.2. Materials
The pre-wh part of forty pairs of sentences elicited
from a male and a female speaker in the production
experiment by [21] comprises the stimuli of this
experiment. To make the results of the current
experiment more generalizable, we selected a male
and a female speaker whose mean value of the
acoustic measurements that characterize Persian whquestions in the study by [21] (cf. §2) were closest to
the mean value of the acoustic measurements in the
production of all speakers. The structure of the whquestion and declarative stimuli of the production
experiment is illustrated in (2) and (3), respectively.
(2) Subj2
(3) Subj

Adv
Adv

Wh-phrase
DWCs

Verb
Verb

The total number of the stimuli of this experiment
equals 320 (1 subject x 1 adverb x 2 DWCs x 5 whphrases and the matching verbs x 2 sentence types x
2 speakers x 8 gates). Although only the pre-wh part
of the sentences forms the stimuli of the current
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(4) a. mohæmædʔæmin pæriruz
“Mohammadamin two days ago”
b. mohæ |mæd |ʔæ |min |pæ
|ri
|ruz
gate1 |gate2 |gate3 |gate4 |gate5 |gate6 |gate7

At gate 7 the pre-wh part which is ambiguous with
regard to sentence type is completely presented (see
4 and Figure 1), at. The complete unambiguous
version (CUV) of each item (see 5) was played at
gate 8. However, it was not presented immediately
after gate 7 (i.e. the pre-wh part) of the
corresponding item. All of the CUVs of the items
were presented at the end of the experiment after the
first seven gates of all stimuli were played to the
participants. The reason for doing this is that hearing
the CUV of an item immediately after hearing the
pre-wh part of the same item can provide
participants with the opportunity to make an
association between the prosody of the pre-wh part
and the sentence type; thereby it can be practice for
the participants in identifying the sentence type.

(5) a. mohæmædʔæmin pæriruz
ʔæsr
ʃenɑ- kærd.
Mohamadamin
two days ago afternoon swim- do.PAST.3SG
‘Mohammadamin swam in the afternoon two days ago.’
b. mohæmædʔæmin
pæriruz
kej
ʃenɑ- kærd?
Mohamadamin
two days ago when swim- do.PAST.3SG
‘When did Mohamadamin swim two days ago?’

sentence type, gate, and their interaction. The
assumptions of the RM-ANOVA were met.
5. RESULTS

4.3. Procedure
A forced-choice sentence categorization task was
designed in E-prime 2.0.10 [19]. Participants were
seated in front of a computer in a quiet room. The
stimuli were played to the participants through
Sennheiser PC 141 Headset headphones. They were
instructed to decide whether what they hear is going
to be a wh-question or a declarative by pressing
either V or M on the keyboard within four seconds
after hearing the stimulus. Then they were asked to
indicate how confident they were about their
response on a five-point confidence scale, where one
means “not sure at all” and five “completely sure”
within four seconds. If participants did not give a
response within four seconds, the experiment
proceeded to the next stimulus automatically after
two seconds. They were familiarized with the task
by means of a practice session, including two nonexperimental items. For each sentence, the first
seven gates were played right one after the other in
increasing order. When all seven gates of an item
were played, the first gate of the next item was
presented. Having accomplished the practice
session, participants embarked on the main part of
the experiment when they felt ready. The main
session of 320 items was divided into five blocks.
The final block contained the CUV of the items
presented in the previous four blocks. Participants
were instructed to take at least a three-minute break
after each block. Every block started with a warm-up
which consisted of two non-experimental items. The
order in which the first four blocks were presented
was randomized per participant. However, the fifth
block was always presented at the end of the
experiment to avoid a practice effect on sentence
modality identification (see §4.2). The presentation
order of the items within all blocks were randomized
per participant. The procedure of the main session
was identical to that of the practice session. The
experiment took about 40 minutes.
4.4. Data analysis
The response accuracy to declaratives and whquestions was computed in terms of percentage
correct and Aʹ [23]. Reaction times (RT) (in
seconds) were calculated in terms of the time lapse
between the stimulus offset and the response. Three
separate two-way repeated measures ANOVAs
(RM-ANOVA) were run on the accuracy, RT and
confidence rating data to investigate the effect of

5.1. Response accuracy
Figure 2 represents the accuracy of sentence type
perception for each sentence type across gates,
indicating that response accuracy to declaratives is
higher than response accuracy to questions. Mean
response accuracy to questions and declaratives at
gate one (75.5%) is above chance level (t (19) =
29.417, p < 0.01). Responses are transformed to Aʹ
to correct for a possible response bias [23]. A twoway RM-ANOVA demonstrated that the main effect
of gate (F (7,13) = 12.249, p < .001; Wilks’ Lambda
= .135, ηp 2 = .865) and sentence type (F (1,19) =
7.577, p < .02; Wilks’ Lambda = .715, ηp2 = .285) is
significant.
Figure 2. Mean response accuracy across gates and
sentence type. As mentioned in §4.3 the complete
unambiguous version of the stimuli were presented at gate
8.

5.2. Reaction time analysis
The RT to declaratives was shorter than the RT to
wh-questions within each gate (see Figure 3). The
RT to stimuli decreases as the gate number
increases, likely reflecting the increased availability
of prosodic information as the gate number
increases. A two-way RM-ANOVA showed that
sentence type (F (1,19) = 11.583, p < .01; Wilks’
Lambda = .621, ηp2 = .379), gate (F (7,13) = 38.080,
p < .001; Wilks’ Lambda = .047, ηp2 = .953) and the
interaction of sentence type and gate (F (7,13) =
4.512, p < .01; Wilks’ Lambda = .292, ηp2 = .708)
significantly affected RT. Pairwise comparison tests
revealed that the difference between RT to all gates
is significant (p < .05) except for the difference
between gate 5 and 6 (p > 0.5).
5.3. Confidence rating
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As observable in Figure 4, participants’ confidence
in their responses increased as the gate number also
increased.
Figure 3. Mean reaction time across gates and sentence
type. As mentioned in §4.3 the complete unambiguous
version of the stimuli were presented at gate 8.

According to a two-way RM-ANOVA, the main
effect of gate (F (7,13) = 20.872, p < .001; Wilks’
Lambda = .082, ηp2 = .918) was revealed to be
significant. Pairwise comparison tests indicated that
the difference between all gates with respect to
confidence rating is significant p < .01.
Figure 4. Mean confidence rating across gates. CUV
stands for complete unambiguous version of the stimuli.

(4.45). This implies that prediction can be possibly
reset as the listener progresses through the acoustic
signal which is in line with sentence processing
theories (e.g. [12,15]). In line with earlier studies
[20,25], response accuracy to declaratives is higher
than response accuracy to questions. A possible
reason for the decreased RT and the higher response
accuracy to declaratives could be the higher
frequency of declaratives in comparison to questions
in daily conversation (as suggested by [24,25]).
The general result of this research
corroborates several proposals suggested in the
literature. First, prosody plays a prominent role in
processing syntactically ambiguous sentences (e.g.
[1,2, 5,14,16,22,27]) and models of spoken sentence
processing may need to integrate the (online) use of
prosody in interpreting these constructions [1].
Second, interlocutors may share the implicit
knowledge that there is a syntax-prosody
correspondence and draw on this knowledge to
resolve the ambiguity of syntactically ambiguous
sentences [22]. Third, prediction can be reset as
more prosodic information is provided to the listener
[8].
The first distinctive prosodic feature in
Persian wh-in-situ questions is the F0 onset [21]
while similar studies on the role of prosody in
characterizing interrogatives in other languages do
not report significant differences between the F0
onset of questions and statements (e.g., [6,28]).
Upon the presentation of the first distinctive
prosodic feature, the accuracy of sentence type
identification in this study is higher than the
accuracy of identification of interrogatives vs.
declaratives in other languages (e.g. [6,24,28]).
Therefore, it can be proposed that the effect of
prosody on the identification of Persian wh-in-situ
questions vs. declaratives is earlier and richer in
comparison to its effect on the identification of
interrogatives vs. declaratives in some of the
languages reported in the literature.
7. CONCLUSION

6. DISCUSSION
The results confirm our hypotheses that listeners
may start sentence type prediction from the first gate
(75.5%) and identification improves as the amount
of discriminating prosodic information increases.
The highest confidence rating in the pre-wh part (the
first seven gates which present syntactically
ambiguous part of the sentence) is achieved at gate 7
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The current experiment was purported to tackle the
question at what point Persian native speakers can
use prosodic correlates to predict wh-in-situ
questions before the wh-phrase is made audible. The
general conclusion is that the distinctive prosodic
correlates to sentence modality contrast enable
participants to predict the sentence type early in the
utterance.
The current experiment does not provide
direct evidence for the role that prosody plays during
online language processing. Neurolinguistic research
techniques, such as electroencephalography (EEG),
are needed to examine the online use of prosody in

the identification and processing of wh-in-situ
questions. Due to its fine-grained time resolution,
EEG experiments can give additional insights into
the time course of prosody processing.
Acknowledgement. The experiment reported in this
paper is related to the project “Understanding Questions”
funded by the Netherlands Organization for Scientific
Research (NWO). For discussion, the authors would like
to thank the PIs of that project, Lisa Lai-Shen Cheng and
Jenny Doetjes.

8. REFERENCES
[1] Beach, C. M. (1991). The interpretation of prosodic
patterns at points of syntactic structure ambiguity:
Evidence for cue trading relations. Journal of Memory
and Language, 30, 644-663.
[2] Beach, C. M., Katz, W. F., & Skowronski, A. (1996).
Children‘s processing of prosodic cues for phrasal
interpretation. Journal of the Acoustical Society of
America, 99, 1148–1160.
[3] Boersma, P., & Weenink, D. (2014). Praat: Doing
phonetics by computer (Version 6.0.04) [Computer
program]. Available from http://www.praat.org/.
[4] Brazil, D. (1981). The place of intonation in a
discourse model. In C. Malcolm & M. Montgomery
(Eds.), Studies in discourse analysis (pp. 146-157).
London: Routledge & Kegan Paul.
[5] Carlson, K., Clifton, C., & Frazier, L. (2001).
Prosodic boundaries in adjunct attachment. Journal of
Memory and Language, 45, 58–81.
[6] Face, T. L. (2005). F0 peak height and the perception
of sentence type in Castilian Spanish. Revista
Internacional de Lingüística Iberoamericana, 2, 49-65.
[7] Grosjean, F. (1980). Spoken word recognition
processes and the gating paradigm. Perception and
Psychophysics, 28, 267-283.
[8] Grosjean, F. (1983). How long is the sentence?
Prediction and prosody in the on-line processing of
language. Linguistics, 21, 501-529.
[9] Grosjean, F. (1996a). Using prosody to predict the end
of sentences in English and French: Normal and brain
damaged subjects. Language and Cognitive Processes,
11, 107-134.
[10] Grosjean, F. (1996b). Gating. Language and
Cognitive Processes, 11, 597-604.
[11] Gryllia, S., Yang, Y., Pablos, L., Doetjes, J., &
Cheng, L. L. S. (2016, September). Prosody as a means
to identify clause type: a view from Mandarin. Poster
presented at Architecture and Mechanisms for Language
Processing (AMLap), Bilbao.
[12] Hale, J. (2001). A probabilistic early parser as a
psycholinguistic model. Proceedings of the second
meetings of the North American Chapter of the
Association for Computational Linguistics (NAACL) (pp.
1-8). Pittsburgh: Association for Computational
Linguistics.
[13] Karimi, S. (2005). A minimalist approach to
scrambling: Evidence from Persian. Berlin: Mouton de
Gruyter.
[14] Kjelgaard, M. M., & Speer, S. R. (1999). Prosodic
facilitation and interference in the resolution of temporary

2434

syntactic closure ambiguity. Journal of Memory and
Language, 40, 153–194.
[15] Levy, R. (2008). Expectation-based syntactic
comprehension. Cognition, 106(3), 1126–1177.
[16] Nagel, H. N., Shapiro, L. P., & Nawy, R. (1994).
Prosody and the processing of filler-gap sentences.
Journal of Psycholinguistic Research, 23, 473–485.
[17] Petrone, C., & D’Imperio, M. (2011). From tones to
tunes: Effects of the f0 prenuclear region in the perception
of Neapolitan statements and questions. In S. Frota., G.
Elordieta & P. Prieto (Eds.), Prosodic categories:
Production, perception and comprehension (pp. 207-230).
Dordrecht: Springer.
[18] Petrone, C., & Niebuhr, O. (2014). On the intonation
of German intonation questions: The role of the
prenuclear region. Language and Speech, 57, 108-146.
[19] Psychology Software Tools. (2012). E-Prime.
Pittsburg, PA.
[20] Shiamizadeh, Z., Caspers, J., & Schiller, N. O.
(2017). The role of prosody in the identification of
Persian sentence types: declarative or wh-question?
Linguistics Vanguard. doi: 10.1515/lingvan-2016-0085.
[21] Shiamizadeh, Z., Caspers, J., & Schiller, N. O.
(2018). Do Persian native speakers prosodically mark whin-situ questions? Language and Speech. doi:
https://doi.org/10.1177/0023830917753237.
[22] Snedeker, J., & Trueswell, J. (2003). Using prosody
to avoid ambiguity: Effects of speaker awareness and
referential context. Journal of Memory and Language, 48,
103-130.
[23] Stanislaw H., & Todorov, N. (1999). Calculation of
signal detection theory measures. Behavior
Research Methods, Instruments, and Computers, 31, 137149.
[24] Van Heuven, V., & Haan, J. (2000). Phonetic
correlates of statement versus questions intonation in
Dutch. In A. Botinis (Ed.), Intonation, analysis, modeling
and technology (pp. 119–143). Dordrecht: Kluwer.
[25] Vion, M., & Colas, A. (2006). Pitch cues for the
recognition of yes-no questions in French. Journal of
Psycholinguistics Research, 35, 427-445.
[26] Wales R., & Taylor, S. (1987). Intonation cues to
questions and statements: How are they perceived?
Language and Speech, 30, 199-211.
[27] Warren, P., Grabe, E., & Nolan, F. (1995). Prosody,
phonology and parsing in closure ambiguities. Language
and Cognitive Processes, 10, 457-486.
[28] Yang, Y. (2018). The two sides of wh-indeterminates
in Mandarin: A prosodic and processing account
(Doctoral dissertation, Leiden University). LOT: Utrecht.
1

In this paper, the competitors are statements and whquestions in Persian.
2
Subject is abbreviated as Subj, adverb as Adv, and the
words which replace the wh-phrase in the declarative
sentences are named declarative wh-counterparts and
abbreviated as DWCs. DWCs are animate direct object,
inanimate direct object, adjunct of time, adjunct of
manner, and adjunct of place.
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ABSTRACT
Burmese is a complex tone language with five lexical
tones
showing
multi-dimensional
phonetic
distinctions in pitch, duration, and phonation. It also
has rich intonation phenomena on the sentence level.
A salient quotation intonation commonly occurs on
the last syllable of a quoted sentence. This paper
presents a production experiment investigating the
interaction of quotation intonation with different
lexical tones in Burmese. The results showed that the
F0 contrasts between different lexical tones were
enhanced in the quotation context and the duration
difference was partially neutralized in quotations.
This phenomenon is distinct from replacive tonal
alternation ([14]) and from the realisation of focus in
Burmese ([11]). Our findings demonstrate how
different dimensions of prosody, viz. F0 height, F0
contour and duration, depart from their default
settings in a lexical tone and change independently in
opposite directions for the sentence-level function.

tone

pitch contour phonation intensity duration

Creaky
a̰

very
high

sharp
fall

creaky

high

less
long

Low
à

low

early
fall

breathy

low

fairly
long

fairly
late fall breathy
high

high

very
long

high

short

High
á

Checked very
aʔ
high

sharp
fall

creaky

Neutral
very
variable level normal
low
ə
short
Table 1: Phonetic properties of Burmese lexical tones

Keywords: Burmese, tone, intonation, quotation
1. INTRODUCTION
This paper reports on a semantically significant
sentence intonation that marks quotation in Burmese.
In the following example (1a), the Low tone particle
tɛ̀ occurs in sentence final position and has its usual
low rising contour. In (1b), the same sentence appears
before a quotation marker; tɛ̀ as the last syllable of the
quoted sentence then has a rather different realization
from tɛ̀ in (1a). This paper catches this hearing
impression and provides an initial survey of the
realization of distinct lexical tones in the context of
quotation in Burmese. The results of the study aim at
adding new insights to the emerging and intriguing
area of sentence intonation in complex tone
languages. The target syllable in quotation context is
rendered bold in this paper to indicate its special
form.
(1) a. ná.lɛ̀-tɛ̀
understand-REAL
(I) understood.
b. ná.lɛ̀-tɛ̀
lo̰
understand-REAL QUOT
(He) said (he) understood

Modern standard Burmese has a complex tone
system with five lexical tones: Low, High, Creaky,
Checked and Neutral. Every syllable in Burmese is
lexically specified for one of these five tones. These
tones show multi-dimensional phonetic distinctions
in pitch, phonation, duration, intensity, and vowel
quality, and have different manifestations in phrasemedial and phrase-final positions (c.f. [8, 2, 13, 4, 5]).
The table below summarises the phonetic properties
of Burmese lexical tones in citation form.

pjò-tɛ̀
speak-REAL
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Burmese exhibits rich phenomena of sentencelevel tonal alternation. For instance, the ‘Induced
Creaky Tone’ replaces High or Low tone in certain
contexts, the possessor marking function of it is
analysed as a tonal particle in [14]; an experiment on
the realization of focus on Low tone elements in
Burmese ([11]) showed that a Low tone object
constituent in focus has a higher F0 and longer
duration.
The quotation intonation is another phenomenon
where sentence intonation interacts with lexical tones
in Burmese. Example (2) further demonstrates the
nature of this intonation. The form lo̰ in (1b) is a
quotation marker but the same form in (2a) means
“because”, hence only the syllable immediately
before the quotation lo̰ in (1b) acquires the special
intonation. In addition, there is another quotation
marker tɛ̰ as in (2b), where the syllable immediately
before this particle also shows quotation intonation,
as in the audio records accompanying Tang & Ne
Win’s [12] Burmese textbook. The quotation
particles can even be omitted, leaving the intonation
alone to mark quotation. Therefore, we are discussing

an actually functional quotation intonation, not a
special tone change before a particular particle.
(2) a. ə.sé.ə.wé ʃḭ
lo̰
meeting exist
because
Because (I) have meetings.
b. ə.sé.ə.wé ʃḭ
lo̰
tɛ̰
meeting
exist
because QUOT
He said the reason is he has meetings. ([12])

Only an impressionistic description of this
intonation can be found in the literature, viz. [9], “the
word immediately preceding this marker is usually
pronounced with lengthened vowel and often high
pitch, while the marker itself is lowered and short.”
There is yet no detailed discussion of the quotation
intonation and no experimental study on the exact
form of this intonation and its realization on syllables
with different lexical tones. The experiment
presented in this paper thus represents a first attempt
to provide an objective description of quotation
intonation in Burmese. Our research questions
include:
• What is the exact form of Burmese quotation
intonation? Does it agree with the impression
in [9]?
o Is the syllable always lengthened?
o Is the F0 always higher?
• How does quotation intonation interact with
different lexical tones?
o Does it overwrite lexical tones? or
o Do they keep their inherent contrast?
• How is the form of Burmese quotation
intonation related to the form of focus as
described by [11]?
o Are they similar or different?
2. METHOD
2.1. Participants

Five young native speakers of Burmese from Yangon
or Mandalay were recruited as participants of the
production experiment. Their details are shown
below in Table 2.
speaker

age group

sex

home town

second
language

1

21-25

M

Yangon

English

2

30-35

F

Yangon

English

3

30-35

M

Mandalay

English

4

21-25

F

Yangon

English

5

21-25

F

Yangon

English

2.2. Material and procedures

The participants were presented with a list of phrases.
They were asked to first read the phrases
independently, then read them in the sentence frame
(3). They were asked to read the sentences as if they
were in a casual conversation with friends.
θù
he

(3) ________________ lo̰
QUOT
“_____________”, he said.

pjò-tɛ̀
say-REAL

Target stimuli differing in the tone (Low, High
Creaky, Checked) on the last syllable were used (see
Table 3). As Neutral tone never appears on the right
edge of words, it is not relevant in this task. In order
to achieve meaningful phrases, the length of the
phrases was not controlled. A full list of target
syllables is shown in Table 3.
syllable

tone

syllable

tone

tɛ̀
tɛ́

Low

ka̰

Creaky

High

High

tɛ̰

Creaky

lɛ́
kɛ̰

Creaky

tɛʔ

Checked

pɔ̰

Creaky

là

Low

thwɛʔ

Checked

lá

High

laiʔ

Checked

la̰

Creaky

pú

High

taiʔ

Checked

laʔ
Checked
Table 3: Target syllables

A total of 173 sentence tokens from the five
speakers were recorded and analysed.
2.4. Data analysis

The raw sound data were segmented by the syllable
on Praat ([1]). The segmented data were then fed into
ProsodyPro ([15]) (ver. 5.7.8.1) to extract acoustical
measurements. Raw F0 values were converted into
semitones with speaker-mean F0 as reference. The
resultant acoustic data were subsequently analyzed
using Smoothing Spline ANOVA (SS ANOVA) ([5])
in order to assess if the F0 contours of different
conditions differed from one another at different
points in time. In a SS ANOVA plot, the width of a
contour shows 95% Bayesian confidence interval. At
any point along the x-axis, if two conditions do not
overlap, they are considered significantly different
from each other.
3. RESULTS
3.1. An example: tɛ

Figure 1 below compares typical examples of the
speakers’ production of the syllable tɛ in four
different tones in sentence final position (1a) and

Table 2: Participants
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immediately before the quotation particle (1b). We
can see that both the F0 contours and durations look
rather different in (1a) and in (1b). Intuitively, the
shape of the lines becomes similar while the distance
between the lines is larger in the context of quotation.
The next subsections disentangle the different
dimensions and present the results of statistical tests
on
F0
and
duration
respectively.

Figure 3 shows the realization of High tone in
different environments. High tone has a gentle falling
contour in the sentence final position, and it has a
slight rising contour in quotation final position. This
difference is not significant in the SS ANOVA test
either.

Figure 3: SS ANOVA plot comparing High tone in sentence final
and quotation final positions.

The Creaky tone has a sharp falling contour both
in sentence final and in quotation final position. There
are a few individual cases where a Creaky tone
syllable is produced with a rising contour in quotation
final position, but these cases are not reflected in
Figure 4. In Figure 4, the F0 is even higher in
quotation final position than in sentence final
position, and this difference is significant.

(1a) Mean F0 and duration of tɛ̀, tɛ́, tɛ̰, tɛʔ in sentence final
position

(1b) Mean F0 and duration of tɛ̀, tɛ́, tɛ̰, tɛʔ in quotation
final position
Figure 1: Comparing mean F0 and duration of the
syllable tɛ in different contexts
Figure 4: SS ANOVA plot comparing Creaky tone in sentence
final and quotation final positions

3.2 F0

In Figures (2-5), the blue ribbon represents a tone in
sentence final position and the pink ribbon represents
the tone in quotation final position.
Figure 2 compares the realisation of Low tone
syllables in sentence final and in quotation final
positions. It has the usual low-rising F0 contour in
sentence final position, and the F0 is even lower in
quotation final position. As the two contours overlap
in the SS ANOVA plot, the F0 difference is not
significant.

Similar to Creaky tone, Checked tone also has a
sharp fall in sentence final position. In quotation final
contexts, this fall is kept in some individual cases, but
is changed into a high rising contour in most cases.
The overall trend is a significantly raised F0 in
quotation final position as shown in Figure 5.

Figure 5: SS ANOVA plot comparing Checked tone in sentence
final and quotation final positions.

Figure 2: SS ANOVA plot comparing Low tone in sentence final
and quotation final positions.

2437

The following Figures 6 and 7 summarise the
shape of the four tones in sentence final and quotation
final positions. It is quite clear that the distance
between the tones is wider in quotation final position
than in sentence final position, and the falling contour
of High, Creaky and Checked tones is either not as

steep as in sentence final position or altered to a rising
contour in quotations.

4. DISCUSSION
4.1. Main findings

Figure 6: Four tones in sentence final position

Figure 7: Four tones in quotation final position

3.3. Duration

Figure 8 shows the duration differences. In
quotations, Low tone and High tones are shorter on
average, while Creaky and Checked tones syllables
were longer. Independent samples t-tests revealed
that the difference in duration between Quotation and
Statement was highly significant for Creaky tone
(t(47.75) = 4.44, p < .001), and marginally significant
for Checked tone (t(49.86) = 1.61, p = .113).

First, the last syllable in quotation was not always
lengthened. The duration difference between the
syllable in sentence final and quotation final position
was not significant except for Creaky and Checked
tones. As the two shorter tones were lengthened, the
duration contrast between the tones was reduced in
quotation contexts.
Second, F0 was not always higher on the last
syllable of quotations. High, Creaky and Checked
tones were higher in quotations, while Low tone
syllables were even lower in quotations. The overall
F0 contrast between different lexical tones was
maintained and even enhanced instead of neutralized.
Meanwhile, the falling High and Checked tones
acquired a rising contour in quotations.
Third, as the F0 of Low tone was not higher in
quotations, its form was different from the realization
of Low tone under focus, which is raised in the
description of focus in [11].
These results provide us with an overview of how
Burmese marks the quotation function by means of
prosody while maintaining the identities of the lexical
tones. Although Table 1 introduces a complex
package of features for each lexical tone, we saw in
this study that different dimensions can change
independently in opposite directions on the sentence
level: to compensate for the more similar F0 contour
and duration properties, the overall F0 height contrast
of the tones was enhanced in quotations.
4.2. Limitations and suggestions for future research

(8a) Low tone

(8b) High tone

(8c) Creaky tone

(8d) Checked tone

As an initial survey of a new phenomenon, this study
sacrifices depth and detail of individual cases for a
broad general overview of the phenomena. Some of
the subcases in this study, for instance, the realization
of certain sentence final particles in different
contexts, might provide interesting topics for further
research.
Further measurements on the existing data can be
conducted, for example, the phonation difference of
the target syllables in different contexts and the
realizations of the preceding syllables in these
contexts.
Future experiments could be conducted with two
speakers in the same experiment session, in which
one reports the speech of the other, to imitate the
utterance of quotation in natural context. Further
perception tasks can also be conducted to explain our
hearing impression and its correlates in the complex
manifestation of sentence intonation.

Figure 8: Duration of the four tones in sentence final and in
quotation final positions
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ABSTRACT
Factors related to probabilities of clause-initial fillers
such as ums and uhs were analysed using parallel
monologue corpora of English and Japanese. The
factors considered in the analysis were boundary
depth between the current and immediately preceding
clauses, number of words in the clause, existence of
clause-initial coordinate conjunctions and speakers’
gender. Number of quotation clauses in a given clause
was included as a predicting factor with English data.
Results showed that boundary depth had significant
positively-correlated effects on filler probabilities in
both languages. However, the effect was stronger
with English data. Number of words in the clause also
had significant positively-correlated effects in both
languages. Gender effects were found, but only in
Japanese. Existence of conjunctions had no
significant effect in either language. The results
indicate that factors causing clause-initial fillers
partly depend on the language.
Keywords: spontaneous speech, monologue,
disfluency, filled pauses, contrastive study
1. INTRODUCTION
Fillers such as ums and uhs are prevalent in
spontaneous speech. Fillers not only reveal speakers’
troubles in timely speech delivery but help smooth
communication by signalling the delay and eliciting
interlocutors’ cooperation ([1], [10], [12]).
In what kind of contexts are fillers frequent? Fillers
have been found to be frequent at deep boundaries,
such as discourse and sentence boundaries ([11],
[14]). Speakers are likely to make decisions about
what to talk and how to unfold the message at deep
boundaries. These processes tend to take time and
may result in silent and filled pauses. It was found that
the deeper the boundary, the higher the filler
frequency at discourse boundaries in Dutch
monologues ([14]). We investigate the relationship
between clause boundary depth and following clause
initial filler probability in English and Japanese.
Some researchers observed that filler rate shortly
before onset of finite clauses is not higher than that of
basic clauses ([2], [3], [4]). Every finite clause
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contains one and only one tensed or finite verb,
whereas every basic clause contains one and only one
main verb, whether tensed or not [5]. From the
findings, the authors argue that a basic clause is a
major speech planning unit, not a finite clause.
Other researchers argue that clauses are major
conceptualizing units, whereas phrases are major
linguistic encoding units ([13]). Through their
experiments, Smith and Wheeldon [13] found that
speech onset latency is affected not only by
complexity of the first noun phrase, but also by
complexity of the remaining part of the sentence.
Here, a sentence can be composed of one or more than
one clauses. The authors argue that speakers spend
time not only for lexical access of the first phrase but
also for planning the following part, though not
thoroughly, before starting their speech. The results
can be interpreted that speakers are engaged in
conceptual planning of the message to be conveyed in
subsequent linguistic units. We surmise that speech
onset latency is relevant to the occurrence of fillers
because speakers are likely to use fillers to avoid
unnaturally long silence. Thus, the question arises
whether occurrence of fillers is also related to
sentence complexity. The current study addresses this
question. We regard sentence complexity as an index
of message complexity, because sentence is a unit of
a linguistically encoded message. We employed
number of words in the sentence as an index of
sentence or message complexity and examined
correlations between sentence size in number of
words and filler probability at sentence and clause
initial positions.
We used parallel English and Japanese corpora as
material to compare the results. The details of the
corpora are given in the next section.
2. METHOD
2.1. Material
2.1.1. Japanese corpus
20 informal presentations excerpted from Simulated
Public Speaking (SPS) in “The Corpus of
Spontaneous Japanese (CSJ)” [8] were used for
Japanese analysis. An excerpt is given in Example (1)
below. The original transcriptions are in Japanese.
Here, they are transcribed in Roman characters with

translation. The speakers are those of Tokyo Japanese.
They are university graduates in their 20s or early 30s.
Each speech lasts about 10 minutes. The topics were
given to speakers beforehand. The corpus contains
speech recordings and the transcriptions with rich
linguistic
annotations.
Common
gap-filling
expressions such as anoo and eeto are identified as
fillers. Fillers include 15 sound forms and their
variants ([9] p.54). Round brackets with “F” inside
are filler labels as can be found in line 1 and 3 in
Example (1). We used these filler labels for analysis.
Sentence and clause boundary labels are contained
in CSJ, as shown in Example (1) below. Subordinate
clauses always precede main clauses, and connective
particles are located subordinate clause-finally as
“kedo (though)” and “node (because)” as in the
example below.

2.1.2. English corpus

Example (1)

Example (2)

1: (F eeto) (F n) (F maa) mazu ichiban
first the most
inshoobukakatta koto tte yuu n desu kedo
/concessive KEDO/
impressive event called is though
First, though (the given title is) “the most
impressive event”
2: watashi wa doomo wasureppoi tachi mitaina nde
<reason NODE>
I-TOPIC probably forgetful character seem because
because I am probably a forgetful type
3: (F ano) saikin no koto shika omoiukabanakatta n
desu ne
[sentence-final]
recent event only came to mind the thing is
the thing is only a recent event came to mind, you
know.
(From S05F1600, in CSJ)
Degree of syntactic dependency of subordinate
clauses on the main clause is ranked based on
connective type in Japanese syntax ([7], [15]). We
used the connective type to estimate boundary depth
between subordinate and main clauses. Boundaries
marked with slashes (as in the first clause above) are
strong clause boundaries, and those marked with
ankle brackets (as in the second clause) are weak
clause boundaries. We assumed more dependent
subordinate clauses have a stronger connection to the
main clause in the content as well as the form, and
vice versa. Sentence boundaries, indicated by
sentence-final morphemes, are marked with square
brackets (as in the third clause). We assumed sentence
boundaries to be the deepest, strong clause
boundaries the second deepest and weak clause
boundaries to be the shallowest among the three
boundary types.
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We analysed speeches in a corpus called “The Corpus
of Oral Presentations in English (COPE)” as a
counterpart. The speeches were collected in a setting
similar to that of the Japanese speeches to enable
comparison between the two languages. 20 informal
English presentations were recorded in Portland,
Oregon and Los Angeles, California. The speakers
were university students or university graduates in
their 20s and early 30s. They were given a topic, “the
most memorable event in my life”, and instructed to
give a talk for at least 10 minutes. Disfluencies are
labeled, and clause boundaries are marked on the
transcription. Only um and uh are identified as fillers
in COPE. An excerpt from the transcription is given
in Example (2) below.
1: <cb and when> and when we got to (l like) (r2 this
little) this little food court area <ce and when>
2: /cb/ he stopped me /ce/
3: /cb and/ and he was like (qcb) so would you want
(ncb to) to be my girlfriend (nce to) (qce) /ce and/
4: /cb and/ and I literally jumped on him /ce and/
5: /cb and/ and I have no idea (ncb why) why I did
that (nce why) /ce1 and/
(From losF09 in COPE)
Transcriptions of COPE are partitioned at coordinate
or adverbial finite clause boundaries as in Example
(2). Ankle brackets, <cb> and <ce> indicate finite
adverbial clause beginning and end, respectively.
Connectives are included in the brackets. “/cb/” and
“/ce/” in line 2 mean coordinate clause beginning and
end, respectively. “(qcb)” and “(qce)” in the third line
indicate quotation clause beginning and end,
respectively. “(ncb to)” and “(nce to)” in the third line
indicate nominal infinitive clause beginning and end,
respectively. Similarly, “(ncb why)” and “(nce why)”
in the fifth line indicate nominal clause beginning
with “why” and its end, respectively.
In English, it is often difficult to tell whether a given
clause boundary is also a sentence boundary or a
boundary within a sentence, because no period or
comma is used in speech. Unlike Japanese, there is no
syntactic or morphological cues to tell boundary
depth in English. In order to evaluate clause boundary
depth, we had three labellers add sentence boundary
labels to clause boundaries which they judged to be
deep boundaries. The labellers were instructed to
mark sentence boundaries based on the content and
the prosody of speech. We estimated boundary depth
based on the number of labellers who marked the
boundary as a sentence boundary. We regarded
boundaries marked by three labellers as sentence

boundaries to be the deepest, those marked by two
labellers to be the second deepest, and so forth. Thus,
clause boundaries were grouped into four types
depending on perceived boundary depth.
An overview of the two corpora is shown in Table
1. Silent periods longer than 50ms were counted as
silent pauses.
Table 1: Overview of two corpora.

Corpus

CSJ
COPE

Number Mean
of
duration
presen
(sec)
-tations
(SD)

Mean
number of
words
(SD)

20 701 (117) 2044 (501)
20 681 (66) 1991 (351)

Mean
number of
silent
pauses
(SD)
127 (73)
379 (74)
79 (40)
368 (76)

Mean
number of
fillers
(SD)

2.2. Procedure

factor. Fillers and other disfluencies were not counted
as words. We used ‘glmer’ function in ‘lme4’
package and ‘MuMIn’ and ‘lmerTest’ packages
running under R version 3.5.1.
3. RESULTS AND DISCUSSION
Table 2 shows the number of boundary types in
Japanese, and Table 3 in English.
Table 2: Number of boundary types in Japanese.
Weak clause boundaries
Strong clause boundaries
Sentence boundaries
Total

1663
932
897
3492

Table 3: Number of boundary types in English.

Besides the (1) boundary depth factor and (2)
sentence complexity factor mentioned in the
introduction section, the following factors were
examined as those which are likely to have relevance
to sentence or clause initial filler probability.
(3) Speaker’s gender
Speaker’s gender was included as a predictor,
because previous studies have shown that male
speakers use significantly more fillers than
female speakers both in English and Japanese
([9], [11], [16]).
(4) Clause-initial coordinate conjunctions
Fillers sometimes appear adjacent to
conjunctions as in “and um” in English and “de
ee” in Japanese. We conjectured that use of
conjunctions and fillers might have some
relevance.
(5) Number of quotation clauses
Speech sometimes contains quoted remarks. The
number of quotation clauses was found to have a
negative effect on the containing clause initial
filler probability in English ([16]). Because
quotation clause labels are available only in
English data, we included this variable only in
English analysis.
We excluded clauses containing more than 30 words
from analysis because samples were sparse for larger
clauses. Table 2 and Table 3 show the number of
boundary types in Japanese and in English,
respectively.
We estimated clause-initial filler probability using
a generalized linear mixed model, with maximum
likelihood estimation of variance components.
Because the response variable was binary, we
conducted mixed-effects logistic regression. Fixed
effects predictor variables were the factors (1)
through (4) for Japanese and (1) through (5) for
English. Speakers were treated as a random effects
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Type0
Type1
Type2
Type3

Boundaries marked by no labeler
Boundaries marked by one labeler
Boundaries marked by two labelers
Boundaries marked by three labelers
Total

719
1521
979
806
4025

Table 4 shows the results of Japanese analysis, and
Table 5 those of English. Estimates of categorical
variables are given as the relative values to one of its
levels whose estimate is zero in R. The reference
variables are included in the table. Odds ratio
indicates the degree of effect size of each factor.
When the ratio is close to 1.0, the effect size is small.
The more distant the ratio from 1.0, the larger the
effect size.
First, clause boundary depth had significant effects
in both languages. The deeper the boundary, the
higher the clause-initial filler probability. However,
boundary effect is larger in English than in Japanese.
Particularly, the difference between strong clause
boundaries and sentence boundaries is small in
Japanese.
Second, the effect of number of words in clauses
is significant in both languages. The more words
clauses contain, the higher the clause-initial filler
probability. The effect is larger in English than in
Japanese.
Third, gender had a significant effect, but only in
Japanese. Japanese male speakers use significantly
more fillers than female counterparts. The results
indicate the existence of a gender difference in
language use at an unconscious level in Japanese. The
results support previous studies on Japanese fillers,
but not those on English ([6], [11]).
Existence
of
clause-initial
coordinate
conjunctions had no significant effect in either
language. Fillers and coordinate conjunctions are
likely to serve different purposes.

The number of quotation clauses had a significant
negative effect on clause-initial filler probability in
English. This result suggests that quoting others’
speech hardly increases speakers’ cognitive load even
if the containing clause becomes longer because of
quotation. Quotation is likely to be a cognitively easy
task compared to message planning and encoding.
Table 4: Results of
regression for Japanese.
Variable
(Intercept)
Boundary type
Weak clause boundary
Strong clause boundary
Sentence boundary
Number of words
Gender
Female
Male
Initial coordinate conjunction
Without
With

Std.
z value
Error
-1.844 0.135 -13.713

Estimate

(Intercept)
Boundary depth
Number of words
Gender
Female
Male
Initial coordinate conjunction
Without
With
Number of quotation clauses

logistic

< 2e-16 ***

Odds
ratio
0.158

Pr(>|z|)

0
0.573 0.098
0.632 0.103
0.024 0.007

5.872
6.14
3.676

4.30e-09 ***
8.26e-10 ***
0.0002 ***

1.774
1.882
1.024

0
0.767

0.149

5.155

2.54e-07 ***

2.153

0
-0.117

0.108

-1.079

0.281

0.890

Table 5: Results of
regression for English.
Variable

mixed-effects

mixed-effects

Std.
z value
Error
-3.676 0.324 -11.362
0.957 0.048 20.069
0.049 0.009
5.647

Estimate

little to do with clause level message planning
compared with English. Difficulties that clause-initial
fillers reflect are likely to depend on the language.
Our models do not explain a large amount of
variance, but that is to be expected because there
certainly are many things left out of our models that
may also influence filler use. What is important to us
is the relative differences in factor significance. This
informs us of where the best bet is for future research.
Then we can move on to more strictly controlled
experimentation or more sophisticated models.
Figure 1: Estimated clause-initial filler probability
for each boundary type as a function of number of
words in the clause in Japanese.

logistic

< 2e-16 ***
< 2e-16 ***
1.63e-08 ***

Odds
ratio
0.025
2.605
1.050

Pr(>|z|)

0
0.380

0.416

0.913

0.361

1.463

0
0.050
-0.581

0.091
0.141

0.55
-4.129

0.582
3.65e-05 ***

1.051
0.559

We reanalysed 90% of the data only with
significant variables, and estimated filler probability
for the remaining data. Figure 1 (Japanese) and Figure
2 (English) illustrate estimated clause-initial filler
probability for each boundary type as a function of
the number of words in the clause. In both figures,
filled circles indicate observed boundaries with fillers
and pluses indicate observed boundaries without
fillers. In Figure 2, Type0 and Type1 boundaries (see
Table 3) are shown combined as shallow boundaries.
A comparison of the two figures demonstrates
difference in effect size of boundary depth and clause
size between the two languages. Both factors have
larger effects in English.
As is seen from these figures, fillers appear quite
frequently when the estimated probability is lower
than 50%. Marginal R-squared values of these models
are 0.072 for Japanese and 0.208 for English. The
Japanese value indicates very low relevance of
boundary depth and clause size to occurrence of
clause-initial fillers. When we assume that the two
factors are indices of cognitive load of message
planning, clause-initial Japanese fillers have very
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Figure 2: Estimated clause-initial filler probability
for each boundary depth as a function of number of
words in the clause in English.
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ABSTRACT
1.1. Lexical cues to subjectivity in causality

Speakers track how discourse is structured in
communication. Lexical cues, e.g. connectives, play
an important role in this process as they make
discourse relations explicit. However, connectives
do not always provide such clear guidance. A case in
point is that because in English can be used to
express both subjective and objective causal
relations, leaving the type unspecified. The present
study addressed the question as to whether speakers
use prosody to encode the differences between
causal relations. In a dialogue task, native speakers
of American English responded to an interlocutor’s
questions that elicited either subjective or objective
causal relations. Preliminary results show that in
comparison with objective causals, subjective
causals are produced with higher F0 maximum,
lower F0 minimum, and also with significantly
longer pause between segments. These results
suggest that speakers use prosody to distinguish
between subjective and objective causal relations in
English when lexical cues are absent.
Keywords: causal relations, discourse, subjectivity,
prosody, MCMCglmm
1. INTRODUCTION
Causality is a fundamental concept in language and
cognition [19, 23]. It can be divided into two types:
objective causality and subjective causality, based
on the “source1 of coherence” [17, 26]. Consider for
instance the following two sentences (taken from
[26]): (1) Heidi is thrilled because she won the first
prize at the art festival; (2) Heidi must be talented
because she won first prize at the art festival. In
sentence (1), both the consequence and the cause are
actual events that happened in the real world, so the
causal relation between them is directly observable
to others, and thus is objective; while in sentence (2),
Heidi must be talented is someone’s opinion, which
is formed by reasoning, based on what has been
observed in the reality, so the causal relation
between the two segments exists in the mental world,
which is not directly observable to others and
therefore subjective.
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These two types of causal relation can be made
explicit by lexical cues, such as cue phrases (e.g. as
a result of) [18], the discourse context [21], implicit
causality verbs (e.g. praise and apologize) [13],
syntactic structures [11], and the most commonly
used one, connectives. Examples of connectives that
point to subjective causality include Dutch want [19],
French car and puisque [29], German denn [24], and
Mandarin kejian [14]; and their objective
counterparts are Dutch omdat, French parce que,
German weil, and Mandarin yin’er. Note that
English because is not on this list, as it can be used
to express both subjective and objective causality
(see (1) and (2)), leaving their distinctions
unspecified on the lexical level [25]. The question
that arises at this point is that whether speakers
would compensate for this lexical implicitness by
means of the non-lexical cue, e.g. prosody, or in
other words, whether they would use prosody to
distinguish subjective causals and the objective ones
in absence of lexical cues. Prosody has a promising
role in this respect as it has been shown to be an
effective means of disambiguating linguistic
ambiguity at various levels, for example, ambiguity
in reference [5, 3], in syntactic structure [22], and
even in discourse structure [27].
1.2. Prosodic cues to subjectivity in causality

Compared to the amount of knowledge that we have
on the lexical cues to subjectivity in causality, much
less is known about whether prosody would be used
to encode the subjectivity in causality. Researchers
working on discourse coherence and connectives
have suggested that prosody might play an important
role in this respect [20]. Specifically, they have
remarked that subjective causal relations consist of
two separate propositions, which would formulate
two separate intonation units, and therefore require a
comma in reading [24]. Objective causals, on the
other hand, contain only one proposition, and thus
would be pronounced as one integrated intonation
unit. However, not working on prosody as their
research focus, these researchers did not provide

empirical evidence for their remarks. Being one of
the first studies that addressed this issue with real
speech data, Couper-Kuhlen [4] has found that
subjective causals in English were uttered as two
intonation units with the second unit being aligned
with a pitch reset at the beginning, whereas objective
causals were produced as one intonation units. Also
using real speech data, Günthner [7] has made the
same observations in German. However, these two
studies only based their conclusions on the
speculation of pitch contours, but not on the statistic
evidences. Related to the current issue, den Ouden et
al [15] has explored the correlation between prosody
and subjectivity by examining the differences
between two groups of discourse relations—
subjective (in their terms “pragmatic”) relations and
objective (in their terms “semantic”) relations—in
terms of pitch, speech rate, and pause duration.
However, the authors did not find any significant
differences between these two categories with
respect to prosody. One possible explanation to this
is that there are too many relations in each category.

following because were kept identical (Segment 2,
hereafter “S2”). In total 15 pairs of items were
constructed. In order to prime subjects for different
conditions, each item was companied by a short
context story (see the italic in (3) and (4)).

1.3. The present study

2.3. The dialogue task

In the current study, we aim to profile the role of
prosody in distinguishing subjective and objective
causal relations in English. We collected speech
from native speakers of American English through a
self-designed question-answer task. This task was
carried out in a conversation setting in order to elicit
natural utterances. Several acoustic measures,
including F0, speech rate, and pause duration, were
extracted to explore whether and how prosody is
used to express subjectivity in causality. This paper
presents initial findings on the data.

You and Jim are friends. You two just talked on the
phone. Now you know some information about him.
(3) [Jim bled a lot]S1 [because he got his nose
pierced]S2.
You and Jim go to the same school, but you don’t
really know him. You have the following impression
about him.
(4) [Jim wants attention]S1 [because he got his nose
pierced]S2.
In order to distract participants from the research
purpose, 20 items of concessive relations with
however were added as fillers. There were also
contexts for fillers. Materials were validated by
several native speakers of American English.

Figure 1: An exemplar PowerPoint slide shown to
participants

2. METHOD
2.1. Participants

Seventeen native speakers of American English
participated in this study. To obtain speech samples
that are representative of everyday language use, all
speakers were non-actors [12, 10]. Here we report
data from nine of the participants (mean age: 25
years, 7 female and 2 male).
2.2. Materials

Experimental items were designed in pairs. There
were two items in each pair, one expressing
objective causality (3), and the other subjective
causality (4). All items were backward causals
connected by because. For the two items in each pair,
only the segments preceding because were different
(Segment 1, hereafter “S1”), while the segments
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A dialogue task was designed to elicit naturalistic
exemplars of experimental items. During the task,
participants first familiarised themselves with
information about a character/event from their
hypothetical surroundings via PowerPoint slides
presented on the screen (one slide per dialogue, see
Figure 1 for an example), on which the mini
contexts and information fragments were presented
in separated “boxes” ordered from 1 to 4.
Participants were allowed enough time to read
through and digest everything, and then they carried
on a conversation with a female experimenter by
answering her questions on the character/event. Prior
to the task, participants were given instructions on

how they should formulate their answers. They were
encouraged to product their answers in a natural way
as they would do in daily conversation.
There were always three questions per slide. The
target sentences were elicited from the second
question, which was “what do you think of x” in the
subjective condition, or “what happened to x” in the
objective condition. To answer this question,
participants were supposed to combine the segments
in box 2 and 3 into one sentence with either because
or however, without changing the order of the
“boxes”. A first question, being “who is x” in most
cases, was asked to initiate the conversation. A third
question was asked to ensure that target sentences
would not be affected by the end-of-conversation
prosody. The answers to the first and the third
questions were in the first and the third “boxes”,
respectively.

relations that differ in subjectivity, namely, the F0
maximum (in semitones, relative to 1 Hz), the F0
minimum (in semitones, relative to 1 Hz), and the
speech rate (number of words produced per second).
These measures were chosen because they were
common measures in discourse prosody studies [15].
Two additional measures were included for
analyses, in order to depict the prosodic movement
from S1 to S2. These measures were: 1) pause
duration between segments; 2) pitch reset, the
difference in mean pitch (in semitones, relative to 1
Hz) between S1 offsets and S2 onsets, with mean
pitch measured for the first stressed syllable of the
first word in S2 and the last syllable of the last word
in S1.
Potential effects of subjectivity on prosody were
tested in R [16], by fitting a series of MCMCglmm
models on the data, using the MCMCglmm package
[9]. MCMCglmm has the advantage over other
mixed models as it allows more than one dependent
variable simultaneously [9], which in our case are
the two measures of F0. Each model included
Subjectivity as the fixed effect (two levels:
Objective, Subjective), Subject and Item as random
effects, and the aforementioned acoustic measures as
dependent variables. F0 maximum and F0 minimum
were modelled together, while speech rate, pause
duration, and pitch reset were modelled separately.

2.4. Procedure

In order to achieve a relaxed atmosphere during the
experiment, the experimenter always conducted
casual chats with the participants upon their arrival
at the lab. The experiment started with opening
remarks by the experimenter, explaining a masked
research purpose, in order to give participants a good
motivation to participate. After that, participants
read instructions on the screen, which were followed
by a couple of practice trials to help them get the
idea. The experiment started when participants were
ready. The experiments were conducted in two
blocks, each taking about 20 minutes. Participants
could take a short break after the first block. In each
session, the participant and the experimenter were
seated next to each other by the table, reminiscent of
the sitting in a café. The order of the items was
randomized in such a way that participants only saw
one item in each pair in each block. Moreover, the
orders of items were different across participants.
The dialogues were recorded using ZOOM 1
digital recorder (sampling rate of 44.1 kHz, 16 bit,
stereo) in a sound-attenuated booth. The recorder
was placed 20cm away from the mouth of the
participants.

3.1. Global features: full-utterance

Subjective causal relations were produced with
significantly higher F0 maximum (post.mean = 0.93
semitone, pMCMC < .001, CI = [0.42, 1.48]) and
lower F0 minimum (post.mean = -1.56 semitone,
pMCMC < .001, CI = [-2.51, -0.73]) in comparison
with objective causals, suggesting that the overall
pitch range was larger in subjective condition than in
objective condition. However, the overall speech
rate did not differ between Subjectivity conditions
(post.mean = -0.06, pMCMC = .728).
3.2. Local features

Table 1: Results for Subjectivity as the predictor
of pitch measures (in semitones) for S1 and S2

3. ANALYSIS AND RESULTS
In total 270 utterances (30*9 participants) were
obtained, two of which were excluded from further
analysis due to disfluency. The annotation was
conducted in Praat [1] with boundaries of interests
being set on different tiers. Pitch contours were
manually corrected by deleting outliers.
Acoustic analyses were subsequently conducted
using Praat [1]. Three acoustic measures were used
to present the static prosodic profile of causal

DepVariable
S1 F0Max
S1 F0Min
S2 F0Max
S2 F0Min
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post.mean
0.91
-1.67
-0.60
-1.25

lowerCI
0.31
-2.50
-1.46
-2.30

upperCI
1.56
-0.69
0.20
-0.03

pMCMC
0.008**
<0.001***
0.168
0.020*

To probe more deeply, we calculated acoustic
variations for the two segments separately, trying to
locate the effect of subjectivity. Table 1 indicates

that the effects of subjectivity occurred mainly in S1,
where subjective causals were produced with higher
F0 Maximum and lower F0 minimum, in comparison
with objective causals. However, neither S1 nor S2
differed significantly in terms of speech rate
between conditions.
3.3 Prosodic changes over time

The effect of subjectivity on pause duration was
marginally significant: the pause duration preceding
because was longer in the subjective condition than
in the objective condition (post.mean = -0.03 second,
pMCMC = 0.054, CI = [-0.002, 0.054]). Durational
differences were reported in absolute term because
the speech rate did not differ significantly between
conditions. However, the pitch difference from the
offset of S1 to the onset of S2 did not differ between
conditions (post.mean = 0.304 semitone, pMCMC =
0.312, CI = [-0.24, 0.93]).
4. DISCUSSION
The aim of this study was to investigate the role of
prosody in distinguishing different types of causal
relations. We have found that subjective causals
differ significantly from objective causal in terms of
F0 and pause duration: subjective causals were
uttered with higher F0 maximum, lower F0 minimum,
and longer pause duration between segments, in
comparison with objective causals.
Relative to objective causals, subjective causals
had higher F0 maximum and lower F0 minimum,
suggesting an expanded pitch range. This is
consistent with previous studies on automatic stance
(subjectivity)
classification:
utterances
that
expressed opinions differed from those expressed
facts in terms of pitch [6, 28]. The expanded pitch
range in subjective causality suggests that speakers
raised the level of effort to engage their interlocutors,
in an attempt to get their message across [8].
However, this result should been taken with caution
as the differences appear to come primarily from S1
and given the different nature of these clauses—
being opinions in the subjective condition and facts
in the objective condition—we cannot confidently
conclude that this is also true for forward causals,
which state facts in the S1 in both subjective and
objective causals.
Our finding that subjective causals were
generally uttered with prolonged pause between
segments confirms the existence of “comma
intonation” in subjective causals, as proposed by
previous discourse studies [25]. The long pause in
subjective causals can be taken as the proof of the
effort spent on reasoning in human mind, trying to
integrate a claim with its argument. Contrastively,
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objective causals do not involve such a cognitive
process as the relation is already observable in the
real world.
However, our data didn’t reveal any significant
effect of subjectivity on speech rate. This is quite
counter-intuitive as we expected that people would
speak more slowly in the subjective condition
because subjective causals are more complex and
therefore require more time to construct than
objective causals do, just like in comprehension,
where subjective causals require more processing
time than objective causals [26, 2]. For the same
reason, we expected that people would slow down
for the sake of their conversation partners, in order
to allow them enough time to process the
information. One possible explanation for this
discrepancy between the evidence and our
expectations is that the speech elicited from the
current design was not spontaneous—participants
may have already formulated their answers before
they actually heard the questions because they could
anticipate the upcoming questions after a few trials.
So the difficulty in constructing subjective causal
relations did not reflect on their speech rate.
5. CONCLUSION
This study aimed to unveil the role of prosody in
distinguishing subjective and objective causal
relations in English. To achieve this goal, we
designed a dialogue task to elicit natural becauseutterances containing these two types of causal
relations. The effects of subjectivity on various
acoustic measures were tested by fitting a series of
MCMCglmm models. The initial findings include:
compared to objective causals, subjective causal
relations were uttered with higher F0 maximum,
lower F0 minimum, and also longer pause preceding
because.
The results suggest that prosody plays a role in
distinguishing different types of causal relations in
absence of connective cues. Further work will
include other acoustic measures (e.g. final
lengthening) into analysis in order to have a more
comprehensive understanding of the role of prosody
in the production of causal coherence relations.
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Various terms were used for this distinction, among
them semantic versus pragmatic [17], content versus
epistemic [25] and causal versus diagnostic [26].
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ABSTRACT

are not directly specified in the phonological representation. Instead, this variation appears to be conditioned by both linguistic and non-linguistic factors.

In this paper, we discuss a priori unexpected pitch
movements (spurious pitch movements; SPMs) preceding the L* in rising MAE polar questions. In
experimental data, we find two non-canonical contours: a rise-fall SPM with a peak, and a steady-highand-fall SPM with a plateau. In both, the alignment
and scaling of SPMs is more variable than might be
predictable with MAE_ToBI as currently defined.
We present a linear mixed effects model which
shows that SPMs reflect fine-grained detail related to
fluency and emotional state, but also the semanticopragmatics of the discourse context: they appear to
be correlated with fewer expectations about possible
answers. Our results necessitate a model in which
this type of phonetic variation can be understood as
linguistically structured and motivated.

2. BACKGROUND
MAE_ToBI is a phonological model of intonation
in the Autosegmental-Metrical tradition [5]. Three
core elements of this model are laid out in Table 1,
along with their phonological associations.
Table 1: Some MAE_ToBI elements
Phonological item
Phonological association
pitch accent (T*)
stressed syllable
phrase accent (T-)
ip right edge
boundary tone (T%)
IP right edge

MAE_ToBI is assumed to involve a relatively direct phonology-to-phonetics mapping, with all major points of inflection in the f0 contour corresponding to phonological elements in the underlying representation. Relatively few phonological processes
are assumed, primarily downstep (and upstep).
In this way, the phonological association of a
pitch accent (PA) or phrase accent is thought to directly map on to its phonetic alignment. For example, an L* phonologically associated with a syllable
will be phonetically realized as low f0 within that
syllable; no other phonetic pitch movements related
to this PA are predicted. In addition, phrase accents
and boundary tones correspond directly to a fixed
maximum number of pitch movements. For example, an H- is realized as high f0 anchored to the ip
edge that spreads leftward, space permitting; an H%
is realized as (upstepped) high f0 within the IP’s final syllable. Between specified pitch targets, f0 is
derived by interpolating from one target to the next.
As such, MAE_ToBI and models like it predict
that an L* H-H% contour (the core of the canonical polar question contour; [6]) will be realized as a
gradual fall in f0 from the initial f0 of the utterance
to the low f0 of the prominent syllable that realizes
the L*. This gradual fall will be followed by a sharp
rise to high, with a final (extra-)high on the IP’s final

Keywords: Intonation, phonetics-phonology, intonational meaning, questions, phonetic variation
1. INTRODUCTION
Up to a certain point, any phonologically defined intonational contour may exhibit variation in scaling
and alignment without crossing categorical boundaries. Phonetic variation of this sort is not always
without meaning: it is well documented by investigations of segmental phonetics-phonology that variation within phonological categories can be indexed
to particular meanings or discourse effects. The key
questions for this paper are: How phonetically different can f0 contours for a particular phonological
representation be? What kinds of variation do we
find within a category, and is any of it meaningful?
We explore these questions in the domain of polar
questions (PQs) in Mainstream American English
(MAE). We take as our starting point the phonological model of MAE_ToBI [2], which establishes
clear predictions about which f0 contours should be
found. We find variation in PQ intonation beyond the
predictions of this model, variation which suggests
that f0 contours may contain pitch movements that
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However, as mentioned in §1, not all questions intonationally match this canonical tune. First, questions
can occur with different PAs and boundary tones, depending on the question’s meaning (e.g., [7]). Second, even within L* H-H% contours, there is some
amount of phonetic variation across speakers and
contexts. These facts lead to our research questions:
(i) How much phonetic variation is there in PQs?
(ii) Does phonetic variation affect interpretation?

made; to ensure adequate data collection, participants played rounds until they had played approximately 20 minutes of Guess Who?. Because of the
rules of the game, each speaker produced a large
number of naturalistic, unscripted PQs under similar, but different contexts.
The data was then transcribed in Praat and forcedaligned using the Montreal Forced Aligner [3, 4].
The data was intonationally annotated as best as
possible with MAE_ToBI and further annotated for
ABOUTNESS , which coded whether the utterance
asked (a) about menu contents, (b) about the menu
number, (c) about game rules, (d) a previously asked
question, or (e) a non-game-related question.
To limit our scope, we focus on PQs with a final
rise (e.g., H-H%) and a L* as the nuclear pitch accent (NPA), resulting in 1,011 total observations. Of
these, 154 were disfluent and thus difficult to analyze. They were excluded, leaving a corpus of 857
PNQs from 19 speakers.

3. METHODS

4. QUALITATIVE OBSERVATIONS

All participants were college-aged students attending Princeton University. In total, there were 20 participants, 9 male and 11 female. One participant was
excluded for not being a native speaker of MAE.
In a sound-attenuated booth, participants played
a modified version of Guess Who?, a board game
where players choose a game object and ask polar
questions about the properties of the other player’s
object. This task was chosen to maximally control
for contextual and information-structural conditions
between utterances while also eliciting a large number of naturalistic polar questions.
We modified the game board so that each game
object was a menu of food items. These items were
chosen such that each food item had sonorants or
voiced consonants preceding the primary stress. A
full list of items is presented in Table 2.

Addressing (i), we find that there is non-trivial variation within the set of PQs with final rises. Contra
traditional assumptions about the canonical PQ contour (cf. §2), we regularly observed contours with
additional pitch movements preceding the L* of the
NPA syllable. These variants can be seen as falling
into two types: a rise-fall pattern with a peak preceding the L* NPA (labelled as ‘h’ in Fig.2), and
a steady-high-and-fall pattern with a high plateau
preceding the L* NPA (labelled as ‘-h’ in Fig.3).
(See [1] for sound files and other examples.) For
reasons that will become clear shortly, we call these
peaks/plateaux spurious pitch movements (SPMs).
SPMs are regularly anchored to lexically unstressed syllables; as such, they cannot be analyzed
as pitch accents, which must be linked to stressed
syllables in an Autosegmental-Metrical analysis like
ToBI; [5]). As such, using existing ToBI labels (e.g.,
a H* in Fig.2) would be inappropriate, as H*s must
be associated with lexically stressed syllables. (The
/nju/ of “menu" is unstressed.)

syllable. An example of this is given in Fig.1.
Figure 1: A canonical L* H-H% polar question
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Table 2: Stimulus list
peninitial
postpeninitial
bologna
baguette
edamame
A1 sauce romesco
marinara
banana
meringue
amaretto

Figure 2: A spurious pointwise high
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likely when the speaker has less information about
the relevant aspects of the state of the world.
As for question ABOUTNESS, questions about
menu contents were most likely to be accompanied
by SPMs (p < 0.001). Questions about game objectives were more likely to be accompanied by SPMs
than others (p = 0.01): i.e., more than ones about
menu number, ones about game rules, and previously asked ones. We interpret this as indicating that
SPM likelihood depends on the type of pragmatic
move a speaker is making with their question.
We hypothesize that when a player asked about
menu contents or game objectives, the player had
fewer expectations about the answer, because there
was less relevant information in the CG. (The number of possible items on the menu was quite large
[especially earlier in the game] or they were naive
about the game.) On the other hand, when a player
asked a question that served as a guess about the the
opponent’s menu number, they may have had clearer
expectations about the outcome of the possible answer (even earlier in the game, when they may simply expect a ‘no’ answer). Thus, similar to QUES TION NUMBER , ABOUTNESS can also be seen as a
proxy for the speaker’s expectations about the possible/likely responses, given what they know about
the context. Askers of questions about menu contents (e.g., Fig.2) were less likely to have developed
expectations, and were the questions were therefore
“genuniely” information-seeking. This adds further
support to the view that SPMs occur less frequently
when the CG contains more relevant information.
In contrast, questions about menu number (e.g.,
Fig.1) had the form of a PQ (recall that all PQs in
this data set have final rises), but were not necessarily seeking out information in the same way. Instead, the speaker may have been using a PQ to have
a pragmatic effect of suggesting a guess, meaning
that PQs about menu number may have had categorically different semantic/pragmatic representations
(it is not clear that they even had the illocutionary
force of a question). In this way, SPMs may be seen
as occurring more in utterances with interrogative
force (i.e., “true questions”).
Our model also showed a main effect of ROUND
NUMBER : as the experiment continues and ROUND
NUMBER increases, the probability of an SPM increases (p < 0.001). This is the opposite of the effect
of QUESTION NUMBER. Unlike QUESTION NUM BER , which tracks the amount of information in the
CG, we treat ROUND NUMBER as tracking familiarity of the task. As speakers gained experience playing the game, they were less distracted by game mechanics, and were better able to use more fluent, con-

Figure 3: A spurious high cover-tone
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Moreover, their alignment is not fixed — they
were found to be anchored up to three syllables away
from the NPA — so they cannot be described as the
leading/trailing tone of a complex PA: e.g., there are
two syllables between the peak and the L* in Fig.2.
Finally, the scaling of these SPMs is unusual: SPMs
are not consistently at the same height as identifiable
phonological high targets like H* and H-.
Thus, the alignment and scaling of these SPMs
in our data fall outside of the predictive domain of
MAE_ToBI’s currently established phonological inventory of intonational objects and processes. This
is the sense in which the pitch movements are “spurious”, though we also aim to understand what determines their distribution.
5. ANALYSIS
To address (ii), we conducted a logit linear mixed
effects model in R, using the lme4 package. To
predict the likelihood of the presence of an SPM,
this model used EMOTIONal state, QUESTION NUM BER , ROUND NUMBER , and question ABOUTNESS
as fixed effects and SPEAKER as a random effect. We
sequentially introduced fixed effects and then compared models using the anova() function, stopping
once the addition of further variables no longer improved model fit. Using the AIC() function resulted
in the same selection for best model.
Our model showed main effects of QUESTION
NUMBER and ABOUTNESS for these final-rise PQs.
We find that as QUESTION NUMBER increases during a round, the probability of a speaker producing an SPM decreases (p = 0.04). Each new round
essentially resets the amount of information in the
Common Ground (CG; see [8] for an overview) of
the discourse, and the mechanics of the game require
players to ask questions so that their opponent incrementally adds to the CG. Thus, an increase in the
QUESTION NUMBER in this game generally tracks
an increase in the amount of information a speaker
had access to (in the CG) for their questions. SPMs
occur most when there is less information in the CG
about the domain of inquiry; thus SPMs are more
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interpreted as a strengthened cue to the speaker
both seeking information and having fewer expectations about likely answers; QUESTION NUMBER and
ABOUTNESS are analyzed as tracking exactly this.

nected speech that encompasses a richer set of intonational cues. In this way, SPMs can be seen as occurring in more natural conversational contexts, as
opposed to, e.g., reading tasks.
Finally, we found a main effect of EMOTION,
showing that SPMs are most likely to appear when
participants are told to be enthusiastic (p < 0.001).
We also found a significant interaction of EMO TION × ROUND NUMBER : SPMs were less likely to
appear in later parts of the task for rounds where
speakers were instructed to be excited (p < 0.001).
These findings appear to be paralinguistic in nature:
higher emotional arousal leads to an increased probability that an SPM will occur. However, this effect
diminishes over the course of the experiment; perhaps participants became fatigued by having to be
excited over and over again.

Under this analysis, PQs with and without SPMs
can have the same phonological representation of L*
H-H%. With SPMs absent from the abstract representation, they would not yield fundamental changes
in the interpretation of the PQ; this allows them to
occur in all sorts of PQs, albeit at different rates. In
addition, leaving SPMs out of the phonological representation per se is favored because their presence
is conditioned by factors such as emotional engagement and fluency of speech. We do, however, note
that our data does not show a phonetic gradiency;
our model is one that predicts SPM presence, not,
for example, SPM alignment or scaling.

6. DISCUSSION
7. CONCLUSION
According to these findings, SPMs are most likely
to occur in a final-rise PQ when it is informationseeking, when the CG contains little information
related to the question, and when the speaker is
highly emotionally engaged and using fluent speech.
Since the Common Ground and interrogative force
are linguistic in nature, this suggests a linguisticallystructured explanation for the appearance of SPMs.
As such, we need to augment our model of intonation so that SPMs fall within the domain of predicted
contours. This is not to say that SPM contours undermine the validity of a model like MAE_ToBI. We
present here two analyses that adhere to the core aspects of the MAE_ToBI model.
One solution might be to augment MAE_ToBI’s
phonemic inventory. Perhaps MAE_ToBI needs a
new (complex) pitch accent (e.g., HL*, H+L*)
and/or a right-spreading cover tone (i.e., -H). However, it is not clear whether the presence/absence
of these SPMs is a case of a categorical contrast.
Empirically, preliminary results from a pilot perception task do not indicate that listeners hear SPMs
are meaningfully contrastive. Theoretically, it is not
clear that the alignment/scaling of SPMs would line
up with any sort of phonological object under an
Autosegmental-Metrical model (cf. §4). As such, we
believe further empirical/theoretical work is necessary before determining whether ToBI’s phonemic
inventory ought to be changed.
Another analysis compatible with an MAE_ToBI
model would be to treat SPMs as instances of acoustic strengthening, specifically of the cues to the L*.
If L* conveys a lack of commitment by the speaker
[6], strengthened acoustic cues to the L* may be

MAE PQs serve as a case study in the intonational
phonetics-phonology interface, as well as in intonational meaning. This study has uncovered important
intonational variation within the category of polar
questions — even within the set of PQs with final
rises. We have also found that this variation is not
without linguistic meaning.
Investigation of intonational phonetic variation is
critical for phonological labelling systems: documenting within-category variation helps us to understand the nature of the categories. Additionally,
given that SPMs have interpretive consequence, any
analysis of intonational meaning must make reference to notions that are more complex or finegrained than any single feature like ‘inquisitive’,
‘polar question’, or ‘new/given’. More broadly, we
should recognize that phonetic variation in intonation can be linguistically motivated and structured.
Finally, these findings suggest new ways of thinking about debates surrounding H* and L+H*: if
not all f0 movements correspond to elements in
the phonological underlying representation, perhaps
some of what has been labelled as L+H* is in fact
an H* plus a leading low SPM. This would mean
that what has traditionally been labelled L+H* might
reflect one of two different underlying representations (/L+H*/ or /H*/), and it may be that their
surface representations could subtly differ too (cf.
counterbleeding environments in the interaction between flapping and Canadian raising, or incomplete
neutralization in German word-final devoicing).
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ABSTRACT
This paper describes the intonation of Cantonese
interrogative sentences with and without sentence
final particle (SFP). Sentences of like-tone
sequences are used as test sentences. Interrogative
sentences without SFP are elicited in the form of
echo question. For interrogative sentences with SFP,
test sentences are formed by adding SFPs of
different lexical tones to the like-tone sequences. In
interrogative sentences without SFP, Functional
Data Analysis (FDA) is conducted to fit the F0 curve
of the last syllable. The results suggest that even if
the distinctions between lexical tones are largely
influenced by the boundary tone, subtle differences
still exist. In interrogative sentences with SFP, the
results reveal that SFPs are different from the last
syllable of interrogative sentences without SFP, yet
are not fully determined by intonation. This study
deepens the understanding of the interplay between
tone and intonation in lexical tone languages.
Keywor ds: Cantonese, interrogative sentences, SFP,
intonation, tone.
1. INTRODUCTION
Lexical tone and intonation employ the same
acoustic parameter, namely, fundamental frequency
(F0), while lexical tones are used to distinguish
lexical meaning and intonation non-lexical meaning
[7, 9]. There are various views upon the question of
how tone and intonation interact. Chao [3] proposes
that in Mandarin Chinese, the intonational tones can
be added to the lexical tones either simultaneously
or subsequently. In the generative model of
intonation proposed by Gårding [5], a grid is
generated according to the sentence type and
prominence relations, after which lexical tones are
realized within the range of the grid. Based on cross
language data, Hyman and Monaka [8] suggests that
there can be three possibilities concerning the
interaction between intonation and tone, being
accommodation
("peaceful
coexistence"),
submission
("surrender"),
and
avoidance
("blockage"). Apart from the complex interaction
between lexical tone and intonation, what one
language expresses by intonation can be expressed

2455

in another language by sentence particles. The most
well-known examples, of course, are question
particles and focus particles [9].
Cantonese is a tone language, which makes use
of both intonation and sentence particles to express
post-lexical meaning. Cantonese is a Chinese dialect,
whose population is distributed among Hong Kong,
Guangdong Province in China, and various other
areas. A general description of Cantonese phonology
can be found in [20]. There are nine lexical tones in
Cantonese, six of which are unchecked tones and
three of which are checked tones. Checked tones can
only occur in syllables ending with [p,t,k], while
unchecked tones can only occur in open syllables.
Since the three checked tones have the same pitch
height as the three level tones of unchecked tones, it
is generally accepted that Cantonese has six lexical
tone categories. The six lexical tones and the
symbols used in this paper is shown in Table 1.
Apart from the lexical tones, various intonational
tones of Cantonese are proposed by Wong et al. [15].
The most well recognized boundary tone is the H
boundary tone for yes-no question. In additional to
intonational tones, Cantonese has an abundant
inventory of Sentence Final Particles (SFP). The
number of SFPs in Cantonese are claimed to be over
40 [4]. These SFPs can not only be used in questions,
but also in statements. More strikingly, these SFPs
are said to have their own lexical tones.
Some acoustic studies have been conducted to
address the effect of boundary tone to lexical tone in
Cantonese [10, 11]. It is found that at the final
position of questions, the pitch contours of all six
tones of Cantonese become rising. Due to this
situation, it is of doubt if the native speakers of
Cantonese can identify the lexical tone of the final
syllable in questions. A perception study finds that
although T1 and T5 can be identified with high
accuracy, a large portion of T2, T4, and T6 are
misperceived as T3 [11]. Another perception study
asks if listeners can discriminate between different
tone pairs at the end of questions. The results show
that the pairs T3 and T4, T3 and T6, T3 and T4 are
hard to discriminate [12]. The results of these two
studies are in general consistent, and the slight
discrepancy can be attributed to differences in
experimental designs.

Several studies are concerned with SFPs in
Cantonese [16, 17, 22]. One of the studies finds that
SFP is in complementary distribution with the H
boundary tone in questions, and proposes that H
boundary tone in Cantonese is a segmentless SFP
[22]. The other study compares the F0 contour of
SFP in question with the SFP in statement and the
last syllable in echo question. It is found that the F0
of SFP is an amalgam of lexical tone and intonation
[17].
Based on these previous studies, the present
study intends to answer the following two questions:
1. Are lexical tones still distinctive under the
influence of boundary tone?
2. Do SFPs have their own targets?
For the former, Functional Data Analysis is
applied on the pitch track of the last syllable, which
can capture the properties of the whole curve. The
results can be submitted to Functional Principal
Component Analysis to capture the differences
across tones. For the latter, the tone of the syllable
immediately preceding SFPs is manipulated to see if
the phonetic realization of SFP is influenced by the
preceding tone. In this paper, the tone target is
defined to consist static and dynamic targets, which
can be measures using F0 level and F0 direction.
Table 1: The lexical tone inventory of Cantonese

Tone
T1 (Yinping)
T2 (Yangping)
T3 (Yinshang)
T4 (Yangshang)
T5 (Yinqu)
T6 (Yangqu)

formed 4×3 = 12 sentences. An example of
interrogative sentence with SFP is given in (1b). The
SFPs and the connotations they convey are listed in
Table 2.
The recording is carried out in a sound-treated
booth. The sounds are sampled at 16000 Hz and
digitized at 16 bit. Fourteen native speakers of
Cantonese from either Guangzhou or Zhongshan
volunteered to participate in the recording. There are
seven male speakers and seven female speakers, all
in their twenties. During the recording, speakers are
instructed to produce the sentences as naturally as
possible. In the case of interrogative sentences
without SFP, speakers are asked to produce the test
sentences as a dialogue. The same style is also
applied to the interrogative sentences with SFP.
(1) a. - 姑妈今朝返苏州。
- Auntie will go back to Suzhou today.
- 姑妈今朝返苏州？
- Auntie today goes back to Suzhou?
b. 姑妈今朝返苏州咩?
Will auntie go back to Suzhou today?
Table 2: The Sentence Final Particles (SFPs) used
in the test sentences (according to [4])

SFP
mɛ (咩)
a (呀)
ka(㗎)
ma(吗)

Tone value
55
21
25
23
33
22

2. METHODOLOGY
Sentences composed of syllables of the same lexical
tone category are constructed as target sentences.
For interrogative sentences without SFPs, the target
sentences are embedded in the context so that the
target sentence is produced as an echo question to a
statement of the same content. An example is shown
in (1a). The target sentence is in italic with a literate
translation. This study does not consider the case of
checked tones, so there are six sentences for six
unchecked tones in total. Since in Cantonese, there
is no SFP with T6 (22). For interrogative sentences
with SFPs, SFPs of four lexical tones (T1, T2, T3,
and T5) are selected. The SFP with T4 is not used
due to the difficulty in constructing appropriate test
sentence. The SFPs are each added to the sentences
of T1 (55), T2 (21) and T3 (25), respectively, thus
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Tone
55
21
25
33

Connotation
Confirmation
Guess or reassuring
Doubt
Requesting for information

The sounds are manually annotated, and the F0
tracks automatically generated by Praat [2] are
checked manually. For the interrogatives without
SFP, the pitch information during the voiced parts of
the last syllable is submitted to the Functional Data
Analysis. Functional Data Analysis (FDA) is an
advanced statistical method that can represent curves
or trajectories. FDA is especially useful for
capturing the overall shapes of curves, which can
later be submitted to Functional Principal
Component Analysis (FPCA). FDA has been
adopted to the study of acoustic studies of prosody
[14, 21], vowel formant patterns [6], as well as
studies of articulatory data [13]. More details
concerning FDA will be given in the next section.
For the interrogative sentences with SFP, the target
of SFP can be measured by Final F0 and Final
Velocity, according to early results on Mandarin
[19]. To be specific, Final F0 measures the F0 level
of SFP, which is the static aspect of the tone, while
Final Velocity, calculated as the first derivative of
the pitch curve, measures the dynamic aspect of the

tone. Final F0 and Final Velocity are both extracted
using the praat script ProsodyPro [18]. The two
measures, Final F0 and Final Velocity, are in
semitone and semitone/s, respectively
3. RESULTS
3.1 Inter r ogative sentences without SFP

In this section, we will illustrate the general pattern
of boundary tones in interrogative sentences without
SFP, and then briefly present the procedure of FDA,
after which the results of FPCA will be provided.
Figure 1 is the F0 curves averaged across
speakers of the same gender of the last syllable in
the interrogative sentences without SFP. It can be
seen quite clearly that all these curves are rising,
while the curve of T1 is most remarkably different
from the others. The curve of T1 starts at a relatively
high level, and then rise abruptly. It is also clear that
the curves of other tones are of delicate differences,
yet all in a rising shape. For example, the curves of
T3 and T4 have concave shape in the first half of the
curves, while they differ in the magnitude of the
concavity. With this observation, it seems FDA, as a
technique which can capture the overall shape of the
curve, is quite appropriate for answering the
question that if different lexical tones remains
distinctive under the influence of boundary tones.
Figur e 1: F0 curves of the final syllable of the
interrogative sentences without SFP (left: female;
right: male)

to the voiced segments of the last syllable, we do not
apply Landmark Registration, as is also the case in
[6]. The smoothed curves are then submitted to
FPCA. Three principal components are calculated.
The first Principal Component (PC1) explains
99.99% of the variance, while PC2 explains only
0.0072% of the variance. The distributions of PC1
scores and PC2 scores can be seen in the boxplots in
Figure 2.
In the left panel, scores of PC1 of tones other
than T1 are in approximately the same level, while
the scores of T1 are remarkably different from the
other tones. This suggests that PC1 mainly captures
the difference between T1 and the other tones, which
is in accordance with the pattern in Figure 1. A oneway ANOVA shows that PC1 is different across
tones (F(5,78)=3.724, p<0.01). Scores of PC2,
however, are also different for different tones. The
distribution of the six tones is plotted in the PC1 ×
PC2 plane as in Figure 3, with results for female on
the left panel, and the male on the right. There seems
to be no clear pattern at first glance. However, T1 is
clearly different from other tones, especially in
females. The distribution of T5, even if more
diversed than T1, also tends to cluster together. T2,
T3 and T4 have a large degree of overlap. T6 seems
to be the most variable tone, with no clear pattern of
distribution.
Figur e 2: The distributions of scores of PC1 (left)
and PC2 (right) of different tones (T1 to T6 from
left to right)

Figur e 3: The distribution of T1 to T6 in PC1 ×
PC2 plane (left: female; right: male)

To apply FDA to our data, we follow the
procedure in [14]. The data, as is mentioned in the
methodology section, are the pitch during the voiced
segments of the last syllable. The data are originally
in Hz scale, and are transformed into the semitone
scale. Following the generalized cross-validation
procedure, two parameters, namely, the number of
knots and lambda, are chosen as 10 and -12,
respectively. Since the data in this study is confined
2457

3.2 Inter r ogative sentences with SFP

Figure 4 shows average F0 curves of SFP of T1 (mɛ)
following syllables of T1, T2 and T3 (left), and
average F0 curves of different SFPs following T1,
(right) for female. The left panel illustrates that even
if the same SFP undergo coarticulation due to the
preceding tone, the offset is quite stable and the
pitch curve gradually approximates the same point in
the pitch range. The right panel shows that different
SFPs have different pitch curves even following the
same tone. According to the final portion of the F0
trajectories, these SFPs are conspicuously different
in F0 levels, yet the situation of the directions of F0
movement is less clear. The pitch curves nonetheless
are consistent with the impressionistic transcriptions
of the four SFPs as 55(mɛ), 21(a), 35(ka), 33(ma),
regardless of the variation caused by the preceding
T1. The F0 contours of these SFPs, however, are
clearly different from the syllable at the final
position of echo questions.
Statistical analysis of Final F0 agrees with these
observations. A linear mixed model is fitted to the
data of Final F0 using the lme4 package in R [1].
The tone of SFP and the tone of the preceding
syllable are entered as fixed effects, while speaker
and gender are entered as random effects. A
significant effect is found for the tone of SFP
(  2(1)=46.87, p<0.001), while no such effect is
found for the preceding tone (2(1)=0.19, p>0.05). A
similar linear mixed model is also applied to Final
Velocity. However, no significant effect is found for
both the tone of SFP (  2(1)=0.23, p>0.05) and the
preceding tone (2(1)=0.13, p>0.05).
Figur e 4: Average F0 curves of SFP of T1 after
syllables of T1, T2, and T3 (left) ， average F0
curves of SFP of T1, T2, T3, and T5 after the
syllable of T1 (right), both for female, with the
gray shades indicating the standard errors

namely, FDA. The results agree well with the former
results using the traditional methods and also the
perceptual results. Even if the significant effect is
found for both PC1 and PC2 calculated using FDA
results, the different proportions of variation PC1
and PC2 explain suggest the situation is more
complex. From the distribution of scores of PC1 for
different tones, it is clear that PC1 mainly captures
the difference between T1 and the other tones. Even
if tone also has a significant effect in PC2, the small
proportion of variance it explains suggest that
difference between tones other than T1 is subtle. The
distribution of these six tones in PC1 × PC2 plane
suggests that T1 and T5 are different from the other
tones, while the other tones have a great degree of
overlap. The results are consistent with the
perception studies of [11] and [12]. Due to the
influence of the H boundary tone, the lexical tone
distinction of the last syllable is largely neutralized.
For interrogative sentences with SFP, SFPs of
various tone categories are attached to the like-tone
sequences of various tones. The F0 contours of SFPs
are different from the boundary tone in interrogative
sentences without SFP in not having the abrupt
rising F0 contour. The F0 contours of SFPs are
influenced by the immediately preceding tone,
which can be attributed to tonal coarticulation. The
results suggest that SFPs of different tones are
different in F0 level, but not different in the
direction of F0 movement. This is accountable, and
even is exactly what is expected. Three of the tones
of SFPs are level (T2 (21) is usually treated as low
level in the literature). The distinction between these
tones is tone level rather than tone contour. The
results thus confirm the traditional impressionistic
transcriptions. The results also show that, neither
Final F0 nor Final Velocity is influenced by the
preceding tone. This is good evidence that the tonal
targets of SFPs are quite stable.
Taken together, we can have a better
understanding of the interplay between tone and
intonation in Cantonese. Cantonese H boundary tone
in questions can largely but not fully neutralize
lexical tone contrast. It is possibly due to this
conflict between lexical tone and intonation that
Cantonese uses an abundant number of SFPs to
convey post-lexical meanings. SFPs in Cantonese
have stable tonal targets, which can be preserved
under the perturbation of the preceding tone.
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ABSTRACT
In some Germanic and Romance languages, speakers
use multiple syntactic and/or prosodic cues to
distinguish neutral questions (NQs) from
confirmation-seeking questions (CSQs). In Mandarin,
this query-check contrast between NQ and CSQ is
less clear because both share similar syntactic frames.
To provide insights into the issue, this study tested
whether the phonetic realizations of NQ and CSQ are
different in Orchid Island Mandarin (Taiwan), and if
so, which prosodic correlates contribute to the
differentiation. Acoustic parameters – F0 slope, mean
pitch height, and speech rate – were measured at the
sentence and word levels. At the sentence level, CSQs
have a steeper F0 slope and are higher in pitch than
NQs. Plus, words embedded in CSQs were spoken
slower than those in NQs. Taking global and local
cues together, I argue that in Orchid Island Mandarin,
NQ and CSQ each “own” their melodic pattern and
are not always interchangeable.
Keywords: prosodic cue, neutral question,
confirmation-seeking question, Mandarin, speech
rate
1. INTRODUCTION
The speech act of questioning is common to all
human languages [5]. Two types of questions are
universally found: (a) open questions, often marked
by WH-words and have virtually unlimited possible
answers, and (b) yes/no questions which only prompt
positive or negative responses [26]. Merely treating
yes/no questions as a single category, however, is
unsatisfactory as it may conceal the intricate
interaction between pragmatics, syntax, and prosody
in subtypes of yes/no questions, such as neutral
questions,
confirmation-seeking
questions,
declarative questions, etc. This necessitates a more
fine-grained analysis of different types of yes/no
questions to help advance our understanding of
language production and the encoding of information
[13].
In this study, I restrict attention to neutral yes/no
questions (questioners are clueless about the answer,
henceforth NQs)1 and confirmation-seeking yes/no
questions (questioners produce propositions to
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confirm their initial guess, henceforth CSQs) [4, 8,
20] in Orchid Island Mandarin (Taiwan). In what
follows, I give a review of how the two types of
questions are constructed and contrasted in different
languages.
1.1. NQ and CSQ: Formation and contrast
In some Germanic and Romance languages, there is a
well-established NQ-CSQ distinction. In English,
NQs are characterized by subject-verb inversion,
whereas canonical CSQs are formed by using a
declarative construction with a rising intonation. In
other languages, speakers signal the NQ-CSQ
contrast through prosodic means: in Leipzig German,
NQs present a high boundary tone but CSQs display
a low boundary tone [12]; in Bari Italian, NQs are
marked by a L+H* accent, while CSQs are signaled
through a H*+L accent [10]; in Puerto Rican Spanish,
a high peak is associated with the nuclear syllable in
NQs but is located in the syllable preceding the
nuclear one in CSQs [1]; in Catalan, NQs are signaled
by a ¡H+L* pitch accent, while CSQs are featured by
a H+L* pitch accent [27]; in European Portuguese, a
H+L* accent is attested in NQs, while H* and L+H*
accents mainly occur in CSQs [21].
To sum up, speakers may use syntactic differences
to mark the NQ-CSQ distinction. When syntactic
cues are not available, speakers resort to prosodic
means to fulfill their communicative intentions.
However, in some languages, the NQ-CSQ
contrast is not so clear-cut. For instance, in Mandarin,
NQ and CSQ often share similar surface syntactic
structure and intonation patterns. Whether an
utterance is an NQ or a CSQ depends largely on the
discourse-pragmatic context. Thus, whether and how
Mandarin speakers employ nuanced prosodic
differences to encode question type calls for
exploration.
1.2. Yes/No questions in Standard Mandarin
In Mandarin, declaratives are constructed using a
Subject-Verb-Object order and have a falling
intonation [6, 7, 13, 18, 24]. Regarding yes/no
questions, the most widely used types include:
(a) Particle questions – formed by attaching a
question particle -ma/-ba/-ne to the end of the

declarative [19, 20]. Both NQ and CSQ belong to
this category.
(b) Declarative questions – formed by using a
declarative syntactic frame with a rising
intonation
to
express
the
speaker’s
incredulity/surprise.
Researchers reported interaction between
pragmatics, syntax, and prosody in utterances: [24]
showed that yes/no questions are realized with higher
tunes than the corresponding declaratives. [6, 7, 13,
18] further added that within yes/no questions,
declarative questions are overall higher in pitch and
have wider final pitch expansion than particle
questions.
As mentioned, in Mandarin, the NQ-CSQ contrast
is less clear because both are syntactically marked by
-ma/-ba and the pragmatic nuances between the two
are not always easily detectable (see Table 1). A
recent experimental study [13], however, shows that
NQs and CSQs end with different final boundary
tones (NQ: M% vs. CSQ: L%) and notes that CSQs
are impressionistically slower than NQs. This study
aims to provide acoustic-phonetic evidence for this.
1.3. Aims of the study
[13] has shown that NQs and CSQs end with different
final boundary tones. This paper will investigate
whether there are more fine-grained phonetic
differences in the realization of F0 values and speech
rates between the two question types.
2. METHODS
The present study is based on the data collected for a
larger project investigating Yami-Mandarin bilingual
intonation patterns [13, 16, 17]. Particular emphasis
was placed on the melodic patterns of Mandarin NQs
and CSQs.

were elicited: NQ, Declarative, WH-question, and
CSQ.
To compare sentence types across pragmatic
conditions, the sentence-final lexical contents were
kept constant. Six disyllabic target items with
identical adjacent lexical tones were chosen: Tone11:
[tʰjɛn1.kʰʊŋ1] ‘sky’; Tone22: [ʂɤ2.tʰoʊ2] ‘tongue’,
[xɤ2.ljoʊ2] ‘river’; Tone33: [xaɪ3.ʂweɪ3] ‘sea water’,
[taʊ3.y3] ‘island’; Tone44: [ɥœ4.ljaŋ4] ‘moon’. Ten
fillers were also included.
Two interactive games were conducted. Cardmatching task: participant 1 initiated the
conversation by requesting a target card from
participant 2. Upon hearing the request, participant 2
checked the randomly shuffled deck of cards in front
of him/her to see if (s)he had the intended target
participant 1 needed. If yes, (s)he gave the card to
participant 1 to facilitate card matching. Participant 1
then specified which target was matched and put the
pair aside. After that, participant 2 repeated the same
procedure for card matching. This elicited six NQDeclarative pairs from each participant. Memory
card game: each participant randomly arranged the
six target cards into a six-pocket holder and presented
the layout to their partner to review for five seconds.
Then, they took turns to ask each other if they could
recall the order of the cards from memory. Upon
hearing the answer (each item could only be
mentioned once), the participants only replied
“correct” or “incorrect” to their partner without
revealing any further information. This elicited six
WH-question-CSQ pairs from each participant.
In total, each participant provided 24 responses.
18 of them contained the six target items (denoted by
* in Table 1, the blanks represent the target positions).
In this paper, I restrict attention to NQs and CSQs. As
seen in Table 1, both NQ and CSQ have five syllables,
contain the same target word, and are marked by the
question particle -ma.

2.1. Participants

Table 1: Interactive card game dialogues.

33 participants (10 males and 23 females, aged
between 21 and 60) on Orchid Island, Taiwan, were
recruited for the study. The majority of participants
(28) reported Mandarin as their primary language in
social interactions. Only five elder participants
reported Yami (an indigenous language) as their
primary language in daily conversations. Even so, the
elder participants received six-years of Mandarin
schooling and were proficient enough for effective
communication.
2.2. Stimuli and corpus collection
Spontaneous Mandarin speech was elicited using The
Interactive Card Game [13, 14]. Four sentence types
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Pragmatic
Condition

Carrier sentence (tones omitted)

Cardmatching

NQ

[ni joʊ ___ ma?]* ‘Do you have __?’

Declarative

[ʐɣ ʂʅ ___]* ‘This is __.’

Memory
card game

WH-question

1-6 [xaʊ ʂʅ ʂɣ mɣ?] ‘What is #1-6?’

CSQ

[na ʂʅ ___ ma?]* ‘Is that __?’

Task

2.3. Acoustic analysis
Three parameters – F0 slope, mean pitch height, and
speech rate – were measured at both the global
(sentence) and local (target word) levels:
(a) F0 slope – defined as the difference between
phrase- final and initial F0 values [22] was
calculated for each sentence and target word, to

reveal both direction and steepness of pitch
change.
(b) Mean pitch height – the heights of F0 over the
whole sentence and the target word were
measured to see if pitch height helps differentiate
question type [11].
(c) Speech rate – computed in syllables per second
(syll/sec) for each target sentence and word. The
temporal dimension was included here because
studies have shown that speech rate can be an
important cue to sentence/question type [15, 26].
All pitch and duration measurements were done in
Praat [3]. F0 measurements were time-normalized and
converted to semitone (st) by implementing the
ProsodyPro script [28] to facilitate comparison across
speakers.
2.4. Statistical analysis
A linear mixed-effects (LME) model was run, with
six dependent variables (F0 slope, mean pitch height,
and speech rate, at the global and local levels). In the
model, question type (NQ vs. CSQ) was included as
a fixed effect and participant and word as random
effects. All statistical modeling was performed in
RStudio [23] using the lme4 package [2].

Figure 1: GLOBAL F0 SLOPE (st) and PITCH
HEIGHT (st) by question type.

3.2. Local level
At the word level, the models found a main effect of
question type on pitch height and speech rate.
Comparing the two questions, pitch height is higher
in CSQs by 1.39 ± 0.19 (st) (t = 7.33, p < .001) (Figure
2a), and speech rate is slower in CSQs by 0.27 ± 0.08
(syll/sec) (t = 3.3, p < .01) (Figure 2b). The effect of
question type on f0 slope was just significant (t = 1.93,
p = .05).
Figure 2: Local pitch height (st) and speech rate
(syll/sec) by question type.

3. RESULTS
Overall, participants performed well on the tasks and
had no difficulty distinguishing between NQs and
CSQs. In total, 468 target sentences were elicited.
Sentences containing overlapping, laughing, clear
disfluency/hesitation, or background noise that would
obscure pitch and contour information were
eliminated. This yielded a smaller dataset containing
344 eligible sentences for acoustic analysis. For
clarity, parameters measured at the global level are
represented in uppercase; those at the local level, in
lower case.

In sum, different cues are used at different
levels – GLOBALLY, CSQs have a steeper F0
SLOPE (st) and are higher in PITCH than NQs.
Locally, CSQ words are higher in pitch and were
spoken slower than NQ words, as summarized in
Table 2.
Table 2: Summary of statistical analyses.

3.1. Global level
GLOBAL

At the sentence level, the models found a main effect
of question type on F0 SLOPE and PITCH HEIGHT.
Comparing the two questions, F0 SLOPE is on
average 2.05 ± 0.27 (st) steeper in CSQs than in NQs
(t = 7.65, p < .001) (Figure 1a), and PITCH HEIGHT
is higher in CSQs by 1.16 ± 0.19 (st) (t = 6.19, p
< .001) (Figure 1b). No main effect of question type
was found on SPEECH RATE (t = 0.43, p = .67).
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local

F0 SLOPE
CSQ > NQ ***
f0 slope
CSQ ≈ NQ n.s.

MEAN PITCH HEIGHT
CSQ > NQ ***
mean pitch height
CSQ > NQ ***

SPEECH RATE
CSQ ≈ NQ n.s.
speech rate
NQ > CSQ **

4. DISCUSSION
A thorough review of literature on Mandarin yes/no
question prosody shows that, compared to NQs and
declarative questions, CSQs have received far less
scholarly attention, presumably because CSQs share
similar syntactic frame with NQs (marked by -ma/-ba)
[19, 20] and both are marked by non-rising terminal
tones [13]. A detailed analysis of their F0 slope, pitch
height, and speech rate would help provide some
clarity.

The results show that the phonetic realizations of
NQ and CSQ are indeed different in Orchid Island
Mandarin. Interestingly, speakers employ different
prosodic cues, at different levels, to encode the
question types. For F0 slope, a significant difference
was found at the sentence level as CSQs have a
steeper negative F0 slope than NQs. This is
compatible with the findings that Mandarin CSQs end
with a low boundary tone (L%) and NQ, a mid-level
tone (M%) [13]. For mean pitch height, CSQs are
higher in pitch than NQs at both the sentence and
word level. For speech rate, CSQ words were spoken
slower than NQ words. The speech rate effect,
however, was absent at the sentence level as both
NQs and CSQs were spoken at a similar rate (see
Section 3.1). This necessitates an analysis of the
temporal distributions of the two to see how they are
locally different.
In the temporal analysis, all sentences were
segmented into three fragments: (a) “pre-target” that
contains the two syllables preceding the target word,
(b) “target word”, and (c) the final particle -ma (Table
3). The relative proportions of each fragment against
the whole utterance were calculated.
Table 3: Sentence segmentation.
Question
NQ:
CSQ:

pre-target
[ni joʊ]
[na ʂʅ]

target word
[________]
[________]

-ma
[-ma]?
[-ma]?

Figure 3: Schematic representations of the melodic
patterns of Orchid Island Mandarin: NQ (upper)
and CSQ (lower).

In addition to phonetic evidence, [20] mentioned
that CSQs and NQs are propositionally and
pragmatically different and thus prompt different
responses. To illustrate, in Mandarin, the
presupposition of CSQs permit “correct/incorrect”
responses (as in the Memory card game). In contrast,
the neutrality of NQs can only be answered with
“yes/no” (as in the Card-matching task). CSQs and
NQs, therefore, are not always interchangeable.
5. CONCLUSIONS

Translation
‘Do you have_?’
‘Is that __?’

Three dependent variables (the relative
proportions of pre-target, target word, and -ma
segments) were examined using the LME model (see
Section 2.4). The models found a main effect of
question type on all positions. Comparing the two
questions, the pre-target portion is shorter in CSQs by
17.92 ± 1 (%) (t = 18.92, p < .001); the target word is
longer in CSQs by 14.18 ± 1 (%) (t =17.68, p < .001),
and the -ma particle is longer in CSQs by 3.89 ± 1 (%)
(t = 5.11, p < .001).
It is clear that CSQ and NQ have unique melodic
patterns, and discourse pragmatics is important to the
distinction. In CSQs, the target words are lengthened,
and the slower rate may reflect the uncertainty of the
pragmatic intent of the speaker [9, 15, 25]. The longer
target word (viz. slower speech rate) in CSQs may
also in part account for the auditory impression that
CSQs are slower than NQs [13]. NQs show a different
melodic pattern: the pre-target and target word
portions are similar in length and the speech rate is
relatively evenly spread over the entire utterance.
Schematic presentations of CSQ and NQ are
illustrated in Figure 3.
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This paper investigates whether there are fine-grained
phonetic differences in the realization of F0 values
and speech rates between NQs and CSQs in Orchid
Island Mandarin. The results show that while being
syntactically-similar, the speakers produced pitch and
temporal variations to encode sentence type.
Specifically, CSQs are characterized by a steeper
GLOBAL F0 SLOPE, are higher in pitch at both the
GLOBAL and local levels, and have lengthened
target words. NQs are featured with relatively level
pitch contour, and the speech rate seems evenly
spread over the entire utterance. The two questions
are also propositionally and pragmatically different
and thus permit slightly different responses. This
study, ideally coupled with future perception studies,
have the potential to facilitate a better understanding
of language production and the encoding of
information in communication and interpersonal
interactions.
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In this paper, neutral questions are equivalent to
information-seeking questions.
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ABSTRACT
Using the case of variation in free relative (FR)
clauses in Appalachian English (AppE) spoken in the
United States, this study provides evidence for
syntax-prosody interaction devoid of semantic
influence. In AppE, the meaning of sentences like (1)
I gave what-ever you left to charity and (2) I gave
ever-what you left to charity is identical. The raising
of ever to the determiner phrase head position in (2)
was hypothesized to increase the prosodic continuity
between the matrix verb and ever, and decrease the
continuity between ever and what. To test these
hypotheses, acoustic correlates of prosodic phrase
boundaries were examined in matrix verbs and
relative pronouns of sentences produced by four
speakers of AppE. The results showed significant
differences between the two sentence types, although
the continuity interpretation was not supported.
Duration differences in the acoustic analysis were
consistent with perceptual judgments of prosodic
grouping.
Keywords: syntax-prosody interaction, free relative
clauses, prosodic boundaries, Appalachian English.
1. INTRODUCTION
Whether prosodic constituent structure is viewed as
distinct from the syntactic constituent structure or not
[see an overview of theoretical approaches in 7],
models of syntax-prosody interface assume that at
least the edges of major syntactic and prosodic
constituents tend to align [8-9, 12, 18]. Prosodic
boundaries at constituent edges vary in their strength,
depending on the size and type of a constituent [1-2,
11]. In this study, one particular instance of syntactic
variation is used to show that a morpho-syntactic
ordering alternation is reflected in changes in
prosodic boundaries, thus, providing support for
theories proposing matching between syntax and
prosody [2, 12].
Syntactic variation in the reverse ordering of whever forms of pronouns (e.g., ever-what, ever-who,
ever-where, ever-which) occurs in free relative (FR)
clauses in Appalachian English (AppE) [9, 15]. This
variation is arguably due to a head movement shown
in Figure 1 [9], which is infelicitous in General
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American English. In AppE, both John cooked whatever was left in the fridge and John cooked ever-what
was left in the fridge are grammatical, although the
former occurs more frequently than the latter, 147 to
5 occurrences, respectively, in the AAPCAppE
corpus [15].
Figure 1: Syntactic head movement of ever (D)
across the free relative clause boundary (CP) in
Appalachian English [9].

The question addressed in the current study is
whether the ever movement shown in Figure 1 is
reflected in a parallel change in the prosodic regrouping as in (1) to (2a) or as in (1) to (2b).
1. ([I]ω [gave]φ)ι
2a. ([I]ω [gave]φ [ever] φ)ι
2b. ([I]ω [gave]φ)ι

([what ever]φ …
([what]φ …
([ever]ω what]φ …

These hypotheses follow Match Theory [7, 13] in
that syntactic heads are mapped onto phonological
words (ω), syntactic phrases onto phonological
phrases (φ), and clauses onto intonational phrases (ι),
excluding all phonologically null elements and traces.
CP in Figure 1 is mapped onto ι (as a clause) rather
than φ (as a maximal projection) following [2].
Prosodization of function words I, what, and ever
follows Selkirk [12] wherein 'weak-form' function
words are clitics (e.g., stressless, non-phrase-final
what in (1)), and 'strong-form' function words are
phonological words (e.g., stressed, phrase-final ever
in both (1-2)). A previous report on stress patterns in
what-ever and ever-what supports such prosodization
in the current analysis [14].
To test the hypotheses of prosodic re-grouping
from (1) to (2), acoustic correlates associated with

prosodic phrase boundaries were examined in the
region of the matrix verb and relative pronouns.
Because ι-phrases are higher-level constituents than
their internal constituent φ-phrases, ι-boundaries are
expected to be more prominent than φ-boundaries.
One acoustic correlate of higher-level prosodic
constituents in fluent English speech in phrase-final
lengthening [1, 16]. This lengthening is larger at the
end of subordinate clauses than at the end of the other
phrase types or phrase-medially [4]. This lengthening
occurs in phrase-final syllable rhymes and in mainstress syllable rhymes, when the latter are not phrasefinal [16]. Another acoustic correlate is amplitude
which increases phrase-initially [5]. The duration and
amplitude correlates have to be interpreted with
caution because they are both boundary-related and
prominence-related. A similar confound makes it
difficult to interpret a change in fundamental
frequency that can signal a phrase-final boundary or
a pitch accent [1, 16] or phrase-initial vowel
glottalization that is influenced by pitch-accents [6].
In the current study, vowel duration and amplitude
were examined to determine whether ever is
prosodified differently in What-ever FR clauses and
Ever-what FR clauses. Specifically, the prosodic
boundary between the matrix verb and ever was
predicted to weaken because they are not separated by
the clause boundary in (2a). The prosodic boundary
between ever and what was predicted to strengthen
because they become separated by the ι-boundary. In
addition, a probabilistic measure of the locations of
prosodic boundaries was obtained in a perceptual task
where English listeners marked boundary locations
separating chunks of speech [4].
2. METHODS
2.1. Participants

Four native speakers of AppE were recruited by the
second author, also a native AppE speaker, from his
hometown in eastern Kentucky, U.S. At the time of
the recording, the female speakers were 38 and 68
years old (F38, F68); the male speakers were 42 and
69 years old (M42, M69). Per assessment of the
second author, all participants use AppE in their daily
and professional lives, as well as during the time of
recording for the current study.
Thirty-seven college-aged participants were also
recruited to provide perceptual judgments of prosodic
grouping. These participants were native English
listeners, naïve to prosodic analysis and to AppE.
2.2. Materials

Stimulus sentences were of three types:
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(a) six bi-clausal sentences with What-ever FRs, e.g.,
Mary served what-ever we brought to the party;
(b) six bi-clausal sentences with Ever-what FRs, e.g.,
Mary served ever-what we brought to the party;
(c) six mono-clausal sentences with quantifier
determiner phrases (Quant-DP), e.g., Mary served
every-one drinks from the cooler, which did not
have an internal ι-boundary, and thus provided
baseline comparisons for (a) and (b).
In each sentence type, matrix verbs were the same
monosyllabic gave, served, chased, picked, ate, and
cooked. The length of the phrases following the
matrix verbs was comparable across sentence types.
2.3. Procedure

The participants were recorded in their places of
residence, in a thirty-minute session. First,
participants familiarized themselves with the printed
list of eighteen randomized sentences. Then, they
read each sentence as a response to the oral question
“What happened?” repeated by the second author to
avoid a narrow focus interpretation. Using this
elicitation technique, each sentence was repeated five
times in a row. The reading list was cycled through
three times, resulting in fifteen productions of each
sentence. The total number of recorded sentences was
720 -- 3 sentence types x 6 sentences x 15 repetitions
x 4 speakers.
Three sentences of each type were selected for a
perceptual task. The total number of sentence
recordings in this task was 72 -- 3 sentence types x 3
sentences x 2 repetitions x 4 speakers. Eight
distractor sentences were added as well; then, all
recordings were randomized. All stimuli were fluent
productions of the sentences, with no clearly audible
pauses. For each recording they heard, listeners were
asked to mark the locations of prosodic boundaries
separating chunks of speech by highlighting '/'s in a
sentence transcription on a computer screen, e.g., I /
gave / what / ever / you / left / to charity. Similar
methodology has been validated in previous research
on prosodic boundary perception [4]. In this study,
the task was administered via an online survey,
which took about forty minutes to complete.
2.4. Analysis

Disfluent sentence productions were eliminated from
analyses. The vowels in matrix verbs, what and ever
morphemes were segmented in Praat [3]. Rhoticized
vowels in ever were treated as one segment because
vowels could not be reliably separated from
corresponding rhotics. For each vowel segment,
duration and amplitude at vowel midpoint were
extracted in Praat [3].

[ɛ] was longer in ever-what than in what-ever [t(1003)
= 4.05, p < .001], and in every-one than in ever-what
[t(1003) = 2.00, p = .045]. Similarly, an analysis of
the [ɚ] durations in the ever morpheme showed that
this unstressed vowel was longer in ever-what than in
what-ever [F(1,705) = 24.46, p < .001]. These results
are shown in Figures 4 and 5, respectively. They are
consistent in three speakers, but the F68’s data show
a different pattern where the vowels in ever-what are
shorter than or similar to vowels in what-ever.

Figure 2: Segmentation of matrix verbs (e.g., ate)
and following function words (e.g., ever-what).

Figure 4: Vowel [ɛ] duration in ever and every.

3. RESULTS
3.1. Duration as a correlate of phrase-final lengthening

Variation in duration was examined in matrix verbs
and in the following function words. Mixed-effects
linear regression analyses on vowel duration were
conducted with sentence type as a fixed effect
(Quant-DP, What-ever-FR, Ever-what-FR), speaker
and verb as random effects. These analyses were
followed by pairwise comparisons with Bonferroni
corrections for multiple comparisons.

Figure 5: Vowel [ɚ] duration in ever.

3.1.1. Duration in matrix verbs
A regression on vowel durations in matrix verbs
yielded a significant effect of sentence type
[F(2,1059) = 68.02, p < .001]. Figure 3 illustrates that
in all speakers the duration of vowels in the matrix
verbs was larger in What-ever-FRs than in Quant-DPs
[t(1058) = 6.95, p < .001], and in Ever-what-FRs than
in Quant-DPs [t(1058) = 11.58, p < .001]. This pattern
suggests a lengthening effect in the matrix verbs of
bi-clausal sentences as compared to monoclausal
sentences. In bi-clausal sentences, however, the verb
lengthening was larger in Ever-what-FRs than in
What-ever-FRs, [t(1058) = 4.71, p < .001].
Figure 3: Vowel duration in matrix verbs.

3.2. Amplitude as a correlate of phrase-initial
strengthening

Vowel amplitude in the ever morpheme was
examined in a regression analysis with sentence type
as a fixed effect (What-ever-FR, Ever-what-FR),
speaker and verb as random effects. Amplitude was
higher in what-ever than in ever-what, 67.3 dB versus
65.1 dB, respectively, [F(1,705) = 90.47, p < .001].
This pattern was consistent across all four speakers.
3.3. Perceptual judgments of phrase boundaries

3.1.2. Duration in the ever / every morphemes
An analysis of the [ɛ] durations in the ever and
every morphemes yielded a significant effect of
sentence type, [F(2,1003) = 18.39, p < .001]. Stressed
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Perceptual judgments of prosodic grouping are
summarized in Table 1. Mann-Whitney pairwisecomparison tests on proportion of responses with the
Dunn-Bonferroni
corrections
for
multiple
comparisons showed that a boundary was more
frequently perceived after the matrix verb when it was
followed by What-ever-FRs than by Quant-DPs, [U =
129, p < 0.001], and when the verb was followed by
Ever-what-FRs than by Quant-DPs, [U = 87, p <
0.001]. However, there was no difference between the
two bi-clausal sentence types.
The boundary after the first function-word
morpheme following the matrix verb was more

frequently perceived after ever in Ever-what-FRs
than after every in Quant-DP sentences, [U = 75, p =
0.003], and after ever in Ever-what-FRs than after
what in What-ever-FRs, [U = 102, p < 0.001]. Lastly,
all pairwise differences in boundary perception after
the second function-word morpheme following the
matrix verb were significant at (at least) p = .002.
Table 1: Boundary perception after matrix verbs
(e.g., ate), the first morpheme of the following
function words (e.g., what, ever, every), and the
second morpheme of the function words (e.g., ever,
what, one). Significant differences in each row are
marked with a '*'.
Boundary
Perceived After
Matrix Verb
Morpheme 1
Morpheme 2

QuantDP
79.2%*
13.7%
68.2%*

Whatever-FR
88.9%
11.8%
48.1%*

Everwhat-FR
85.7%
19.4%*
56.2%*

4. DISCUSSION
This small-scale study investigated whether a headmovement of ever across the clause boundary
in sentences like Mary served ever-what we brought
to the party (Fig. 1) correlates with prosodic regrouping in the region of the clause boundary such
that the higher-level syntactic boundaries align with
high-level intonational phrase boundaries (i.e.,
MATCH-PHRASE constraint in [13]). An examination
of acoustic correlates associated with edges of
prosodic phrases [1, 4, 5, 16] showed differences in
prosodification of sentences with what-ever and everwhat relative clauses.
Assuming that lengthening indicates a higherlevel prosodic boundary at the right edge of a phrase,
a comparison of the matrix-verb vowel durations in
sentences with FRs and sentences with Quant-DPs
suggests that the vowel lengthening in bi-clausal
sentences is due to the presence of the ι-boundary.
Unexpectedly, vowels in matrix verbs had longer
duration when followed by ever-what FRs than by
what-ever-FRs. This suggests that the location of the
ι-boundary does not change in the direction of (1) to
(2a), unless this result is explained by multiple
domains of phrase-final lengthening in English [16].
Namely, the ι-boundary in ever-what-FRs as shown
in (2a) may induce lengthening not only in the phrasefinal ever, but also in the matrix verb containing the
main-stress syllable which is not phrase-final.
1. ([I] [gave]φ)ι
2a. ([I] [gave φ] [ever] φ)ι
2b. ([I] [gave φ])ι

([what ever]φ …
([what]φ …
([ever] φ [what]φ …
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The lengthening of both vowels in ever of everwhat as compared to what-ever does favor, however,
(2a) over (2b), with an exception of one speaker's
data. The examination of [ɛ] amplitude, which was
lower in ever-what than in what-ever, also suggests
the phrase-final position of ever in ever-what, and
thus favors (2a) over (2b). Another interpretation of
this amplitude difference may be attributed to the
secondary-stress status of this vowel in /ˌɛvɚˈwɑt/
and its primary-stress status in /wətˈɛvɚ/ ([14]).
In summary, the acoustic measures of prosodic
phrasing in matrix verbs favored (2b), but the acoustic
measures in the what and ever morphemes favored
(2a). Perceptual judgments of boundary locations are
more consistent with (2b) than with (2a), because the
frequency of boundary perception after the matrix
verb did not differ in bi-clausal sentences, and
because the listeners perceived a boundary more
frequently after each morpheme in ever-what than in
what-ever. A comparison of boundary perception
after the matrix verb (85.7%) and after the ever
morpheme in ever-what (19.4%) suggests that the
former boundary location is perceptually stronger
(more consistent) than the latter.
Taken together, the findings in production and
perception of prosodic grouping in this study did not
provide reliable evidence for re-allocation of the
prosodic ι-boundary which would parallel the
syntactic movement of ever shown in Figure 1.
Syntactic head-movements may not influence speech
prosodification, although syntactic and prosodic
boundaries tend to co-align [8, 10, 13, 17]. Overall,
the "displacement" of ever- in AppE may be
explained by the STRONG START constraint that
penalizes prosodically weak element at the left edge
of φ and outranks MATCH-PHRASE [8, 13]. In other
words, the 'weak', cliticized form of what in whatever relatives may encourage ever-wh reordering in
AppE.
In this study, the use of acoustic correlates for
prosodic grouping analyses did not lead to results that
would offer their straightforward interpretation. This
is because duration and amplitude serve not only as
markers of prosodic boundaries but also as markers
of prosodic prominence [1, 4, 16]. This limitation
would have also persisted if other acoustic correlates
of prosodic grouping, such as fundamental frequency
patterns and phrase-initial vowel glottalization, were
chosen [1, 6]. Other limitations include the small
number of speakers and experimentally designed
stimuli. Naturalistic recordings of free relatives
produced by AppE speakers are difficult to obtain, but
future studies should strive to do so in larger numbers.
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ABSTRACT
Contrasting strong versus weak syllables within words
(lexical stress) is critical for effective communication in
English. Yet acoustic data required to shed light on stress
contrastivity are usually obtained via laborious manual
methods, an obstacle to large-scale studies. The automatic
alignment procedure in the Munich Automatic
Segmentation tool (MAUS) [1] might reduce the manual
effort required for acoustic analyses. However, there is
little data on the reliability of MAUS when compared with
manual measurements in analysing child speech. We report
on a subsample taken from a large study designed to
investigate lexical stress production in typically
developing Australian English-speaking children. We
compared manual acoustic measurements with
measurements obtained via MAUS. The results from
analysis of 200 word productions showed moderate to high
correlations between the measurements. However, MAUS
tended to overestimate the duration of weak vowels (but
not strong vowels). Use of MAUS in combination with
manual checks is recommended.
Keywords: lexical stress, prosody, acoustic analysis,
MAUS, children’s speech.

1. INTRODUCTION
All languages exhibit rhythm or prosody. As part of its
prosodic system, English utilizes lexical stress: the contrast
between strong and weak syllables within words (compare
the strong-weak pattern of lexical stress in ‘INcense’ with
the weak-strong pattern of ‘inCENSE’). In languages such
as English, lexical stress is important for intelligibility.
Despite knowing of its importance for effective
communication, we know relatively little about how stress
contrastivity might change with development.
Of the small amount of previous research that has
examined lexical stress production in typically developing
children
much
of
it
reports
on
syllable
truncation/preservation, and stress shift, rather than stress
contrastivity per se [2-4]. We know that the production of
stress contrastivity begins in infancy during babbling [5]
and that by 3 years of age typically developing children use
duration, intensity and fundamental frequency to contrast
syllables within words; although, they have not necessarily
reached adult-like intentional control of lexical stress
contrastivity [6-8]. In fact, recent acoustic studies suggest
that there is a far more protracted developmental trajectory
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for adult-like mastery of lexical stress production than
previously thought [9, 10].
Large acoustic investigations of stress contrastivity are
extremely rare because of the technical and laborious
nature of manual acoustic analyses. Here we report on a
large study designed to investigate lexical stress production
in typically developing Australian English-speaking
children. The data we report compares manual acoustic
measurements with those obtained via an automatic
alignment procedure obtained via the Munich Automatic
Segmentation tool (MAUS) [1].
A search of the databases CINAHL, Scopus, Medline
and PsychInfo was conducted in order to identify studies
using MAUS for the analysis of children’s speech. The
search
terms
included:
‘MAUS’,
‘automatic
segmentation’, ‘phonemic segmentation’, ‘automatic
alignment’ AND ‘speech’. Articles including the keyword
‘reading’ were excluded due to the overlap with articles
concerning the development of phonemic segmentation for
reading. If an article appeared relevant from the title, the
abstract was read to establish relevance. These articles
were scanned for the search terms ‘MAUS’ or ‘Munich’.
In addition to this database search, any publications that
cited any publications by the authors of MAUS were
searched to find articles that used MAUS to analyse
children’s speech.
From all relevant sources, only two publications were
found that used MAUS software in child-related research;
those by Falk and colleagues [11] and Peters [12]. Both
articles used the MAUS software to segment audio
recordings for children and adolescents, with subsequent
manual correction of any errors in segment boundaries.
Falk and colleagues [11] presented eight adolescents aged
11 to 15 who stutter with two tasks, comparing sung and
spoken utterances in German. The results of this indicated
that Voice Onset Times are reduced in sung compared to
spoken utterances. Peters [12] presented a picture naming
task to eight typically developing children aged 5 to 7
years. The target utterances were 12 simplex or complex
Standard Southern German words. Neither study compared
manual acoustic measurements to MAUS analysis.
This literature review highlights an absence of studies
comparing manual acoustic measurements to measures
obtained using MAUS in the analysis of children’s speech
production. As far as we are aware, no previous study has
used MAUS to examine suprasegmental aspects of
children’s speech production such as lexical stress
contrastivity. Our aim here is to provide data that
demonstrates the reliability of MAUS for this kind of
acoustic investigation of children’s speech.

made it more difficult to select WS words which is why
there are slightly fewer of those kinds of words.

2. METHOD
2.1. Participants
Children aged between 3 and 12 years of age were recruited
from ten daycare centres, preschools and primary schools
in Sydney, Australia. Children were included in the study
if they attended English speaking schools and had spoken
English for longer than a year. They were excluded if they
had a history of a speech or communication disorder,
including language disorder and autism spectrum disorder,
according to parental report.
The current study reports data from a subset of
participants from a larger sample recruited for an
investigation of prosody during speech production. A
random sample of 200 correct word productions from 166
children with a mean age of 100.6 months (SD = 29.8,
range = 36-148 months) were used for the current study;
85 girls (and 81 boys).
The study was approved by the Human Research Ethics
Committee of the University of Sydney and, where
appropriate, the New South Wales Department of
Education and Communities (for public schools), or the
Catholic Education Office (for Catholic schools). All
center managers, school principals, and parents provided
written consent for children to participate in this study.
2.2. Experimental task
Children were tested individually in a quiet room on school
premises. A picture naming task was used to elicit word
responses. If naming did not occur on presentation of the
picture stimulus, responses were prompted by the examiner
– first a description of the picture was given, followed by a
phoneme cue. If naming still did not occur, a spoken model
of the target word was provided. Order of presentation of
stimuli was varied using four different word lists. Each
child completed the picture naming task twice using two
different lists. Children wore a headset microphone at a
10cm distance and speech was recorded to a handheld
Zoom H4N Handy Recorder digital recorder (44 kHz
sampling rate, 16 bit quantization).
2.3. Speech stimuli
Target words included both strong-weak (SW) and weakstrong (WS) stress patterns across the initial two syllables.
For each word, the first two syllables were included in the
analysis. Polysyllabic rather than bisyllabic words were
chosen to avoid measurement of syllables where there may
be word-final lengthening. There were 27 words in total;
15 SW words and 12 WS words. Targets are listed in Table
1.
To facilitate acoustic analysis, stimuli were selected
with the following constraints: (1) all followed the same
phonological structure in that the first two vowels being
measured were embedded between consonants, (2) all
contained consonants that have been found to be in the
consonant inventory of young children and (3) all had
easily demarcated vowel onsets and offsets in the acoustic
signal (e.g., no liquids or semivowels). All stimuli were
names of picturable objects. Adhering to these constraints
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Table 1: Target words for study. Note: *vegemite is an
Australian food spread.
Strong-Weak
Targets
barbecue
bicycle
butterfly
caterpillar
coconut
cucumber
dinosaur
hamburger
motorbike
newspaper
photograph
pineapple
porcupine
saxophone
vegemite*

Weak-Strong
Targets
banana
bandana
bikini
cathedral
computer
confetti
potato
pyjamas
spaghetti
tomato
tornado
zucchini

2.4. Acoustic measurements
Recordings of each word production were segmented into
individual word productions and saved in .wav format
using PRAAT software [Version 5.3.78; 13]. Each of these
word productions was listened to and judged correct based
on phonemes by a trained research assistant. Following
this, a random sample of 200 correct word productions
(100 SW and 100 WS) was chosen from the overall sample.
These words were each analysed twice, once using MAUS,
and once using manual measurements obtained via
PRAAT software [13] alone. The manual measurements
were conducted by a trained research assistant.
As noted, the MAUS system is a tool designed to
automatically segment speech according to phonemes [1].
Given a speech signal and a related orthographic
representation, MAUS estimates the most likely
pronunciations from canonical pronunciation and finds the
most likely phonemic segmentation. Originally developed
in German, MAUS has been adapted into several languages
including English. The recording of each correct word
production obtained from our participants was uploaded to
the webMAUS interface (version 3.11) [14], resulting in a
TEXTGRID file. These TEXTGRID files were used to
generate durations for vowel 1 (V1) and vowel 2 (V2) for
each word in PRAAT.
For manual measurements, waveforms and wide-band
spectrograms with a 300-Hz bandwidth were generated for
each sound file in PRAAT. Vowel duration was measured
from the onset to offset for V1 and V2 [15].
These duration measurements were then used to
calculate a normalized Pairwise Variability Index (PVI)
[16] reflecting the amount of contrast in the vowel
durations of the first two syllables within each word
production (i.e., stress contrastivity). The PVI value
represents a normalised difference between the first two
vowels of each word and was calculated using the formula

below (Equation 1), where a1 and a2 represent duration for
the first and second vowel, respectively:

PVI _ a  100  a1  a2   a1  a2   2

Figure 1: Scatterplots of correlations between
vowel durations as calculated by hand and by
MAUS for Strong-Weak words.

(1)

The normalized PVI formula allows for standardized
comparisons between participants. It has been used to
examine lexical stress contrastivity in typically developing
children’s speech production [9, 10, 17], in a study of
children’s apraxia of speech [18], and a recent study of
speech production in children with and without autism
spectrum disorders [19]. A negative PVI value represents a
WS stress pattern, while a positive PVI value represents a
SW stress pattern.
2.5. Statistical analysis
All statistical analyses were conducted using SPSS.
Analyses were conducted separately for SW and WS
vowels.
Parametric correlations using Pearson’s r were
conducted to examine the relationship between
measurements obtained manually versus those obtained
using MAUS, for both V1 and V2. An alpha level of .01
was used for the correlation analyses.

3. RESULTS
The 200 correct word productions (100 SW and 100
WS) chosen for this analysis were randomly selected from
166 children that came from a larger pool of participants.
Due to random sampling, some participants provided
multiple words amongst the 200 selected.
The average durations for each vowel and word type as
measured both manually and by MAUS are represented in
Table 2.
Table 2: Correlations between vowel durations by
analysis type. Note: * indicates significant at the
0.01 level.
Word/
Vowel type
SW vowel 1
SW vowel 2
WS vowel 1
WS vowel 2

Manual
Mean (SD)
94.8 (40.0)
58.7 (38.9)
48.4 (33.1)
135.3 (49.1)

MAUS
Mean (SD)
94.8 (53.6)
68.9 (42.8)
53.9 (35.5)
137.5 (60.4)

Correlation
(r)
.82*
.88*
.71*
.80*

Measurements of vowel duration derived manually were
statistically significantly correlated with measures
obtained by MAUS. Correlation coefficients were lowest
for the first vowel of WS vowels words (r = .71, p < 0.01)
and highest for the second vowel of SW (r = .88, p < 0.01).
Scatterplots for these correlations are shown in Figures 1
and 2.
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Figure 2: Scatterplots of correlations between
vowel durations as calculated by hand and by
MAUS for Weak-Strong words.

Paired samples t-tests were also performed on the
vowel durations as calculated by hand and by MAUS.
According to this analysis, the vowel durations calculated
by MAUS were on average 10.21 milliseconds longer than
durations calculated by hand for the second vowel of SW
words (the weak vowel). This difference was significant
(t(99) = -4.92, p < .01). For WS vowels, the vowel
durations calculated by MAUS were on average 5.53
milliseconds longer than durations calculated by hand for
the first vowel (the weak vowel). This difference was
significant (t(99) = -2.10, p = .04). No other differences
were statistically significant. These results are summarized
in Table 3.
Table 3: Difference in vowel durations obtained by
manual versus MAUS measurements. Note: *
indicates significant at the 0.05 level.
Word/
Vowel type
SW vowel 1
SW vowel 2
WS vowel 1
WS vowel 2

Mean
Difference (SD)
.01 (30.65)
10.21 (20.73)*
5.53 (26.34)*
2.21 (36.50)

The results of the correlational analysis conducted to
examine the relationship between PVI values derived from
manual durations versus those obtained using MAUS can
be found in Table 4. There was a significant correlation
between manual PVIs and MAUS PVIs for both SW (r =
.74, p < 0.01) and WS words (r = .70, p < 0.01).
Table 4: Correlations between PVI values by
analysis type. Note: * indicates significant at the
0.01 level.
Word type
SW
WS

Manual PVI
Mean (SD)
53.1 (59.2)
-95.5 (58.4)

MAUS PVI
Mean (SD)
31.3 (66.4)
-83.0 (63.1)

Correlation
(r)
.74*
.70*

4. DISCUSSION
Here we compared manual acoustic measurements with
those obtained via MAUS for 200 correct word productions
from typically developing children. Results showed
moderate to high correlations between vowel duration data
obtained from these methods. However, we also observed
a tendency for MAUS to overestimate the duration of weak
vowels in children’s speech. In view of this, we suggest
that MAUS is useful for acoustic measurements of
segmental durations and features although some manual
corrections might be advisable regarding the boundaries of
weak vowels.
The current study reports on a subset of data taken from
a large study of Australian English speaking children
designed to investigate the normal developmental
trajectory of lexical stress production. There is growing
interest in this area as recent research has shown a more
protracted trajectory for typically developing children to
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reach adult-like mastery of stress contrastivity than
previously thought [9, 10]. Examining stress contrastivity
is challenging due to the laborious nature of acoustic
analyses that examine the key suprasegmental features of
lexical stress (i.e., vowel duration, intensity, and
fundamental frequency – all of which require the
identification of phoneme boundaries in the speech stream
as an initial step). Yet, acoustic analysis is the only data
that can reveal fine-grained developmental changes in
stress contrastivity (e.g., changes relating to the degree of
contrast in vowel durations across strong versus weak
syllables with single words).
The MAUS procedure can reduce the time required for
acoustic analyses by providing automated identification of
phoneme boundaries in the speech stream. However, there
is little data on how acoustic data obtained via MAUS
compares with that obtained via manual methods. Our
search revealed only two previous studies that have used
MAUS to examine children’s speech production [11, 12].
Neither of these studies compared MAUS with manual
methods and neither examined acoustic features relating to
stress contrastivity.
In the current study we observed a statistically
significant tendency for MAUS to overestimate the
duration of weak vowels, which are very brief events often
with low intensity, suggesting that some manual
corrections are needed for these vowels before reliable
values can be calculated when analysing children’s speech.
In addition, as far as we are aware, MAUS segments
vowels to only two decimal places, meaning that resulting
PVI values can occasionally be zero (first and second
vowels are identified as being the same length to two
decimal places), unlike the PVI values that result from
manual measurements that reflect more decimal places.
When segmentation is done by hand, PVI values are very
rarely zero. This could account for lower correlations for
PVI values reported in Table 4 by comparison with some
of the individual vowel measurements reported in Table 2.
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ABSTRACT
The study examines overall intensity, spectral
emphasis and spectral balance measures in test
words that contrast minimally with respect to the
Estonian three-level word quantity distinction and
represent three accentuation conditions: no
intonational pitch accent, nuclear pitch accent
signalling broad focus, and emphatic nuclear pitch
accent signalling narrow/contrastive focus. The
study asks 1) whether the presence of an intonational
pitch accent in a word also correlates with intensity
and spectral parameters as cues to metrical stress,
and 2) whether quantity as a word-level prosodic
property affects the realisation of stress at phrase
level. The study finds that overall intensity
correlates both with the accentuation and quantity
conditions, whereas among the spectral measures,
only spectral emphasis weakly correlates with
quantity. As for interactions, the intensity
differences found between the quantity degrees in
the deaccented condition are partly neutralised in the
accented
conditions,
but
the
effect
of
accentuation/phrase stress is identical in all three
quantity degrees.
Keywords: phrasal stress, Estonian quantity, overall
intensity, spectral emphasis, spectral balance.
1. INTRODUCTION
The study1 examines overall intensity, spectral
emphasis and spectral balance measures in test
words that contrast minimally with respect to the
Estonian three-level word quantity distinction and
represent three accentuation conditions: no
intonational pitch accent, nuclear pitch accent
signalling broad focus, and emphatic nuclear pitch
accent signalling narrow/contrastive focus.
The first aim of the study is to examine whether
the presence of an intonational pitch accent in a
word also correlates with intensity and spectral
parameters, evidencing that in addition to the
intonation pattern, phrasal units also have a metrical
1

The study was supported by the Centre of Excellence in
Estonian Studies (European Regional Development Fund)
and the project IUT35-1 (Estonian Research Council).
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stress pattern signalled by dynamic cues (cf. [4] p.
54). Previous studies on the acoustic correlates of
phrase level prominence in Estonian have shown
that words with both non-emphatic and emphatic
nuclear accents are distinguished by increased F0
values as well as by an increase in duration, i.e. both
by tonal and dynamic correlates ([8], [13]). The
present study examines whether they also correlate
with overall intensity and spectral measures as
further cues to phrasal stress. Accented words have
previously been found to correlate with overall
intensity and spectral measures for instance in
Swedish: [2] found that increases both in overall
intensity and, especially, spectral emphasis were
reliable acoustic correlates of focal accents in
Swedish. More studies have examined and compared
these parameters as correlates of stressed vs.
unstressed syllables in words, but with conflicting
results. For overall intensity, several studies have
found that it varies together with F0 rather than word
stress (e.g. [10], [14]); on the other hand, [6 p. 144]
concluded that despite various dependence
relationships, F0 and intensity can be considered at
least to some extent independent. Spectral measures
in turn have been found to correlate with word stress
in some studies (e.g. [14]), but with vowel quality
rather than word stress in others (e.g. [11]). Intensity
and spectral measures have also been studied as
correlates of word stress in Estonian by [1], but
without controlling for accentuation; they found that
only spectral balance distinguished the primary
stressed syllable, while mean overall intensity and
spectral emphasis distinguished the entire primary
stressed foot from all the other syllables.
The second question addressed in the study is
whether quantity as a word-level prosodic property
affects the realisation of stress at phrase level. The
characteristic property of Estonian word prosody,
the three-way quantity distinction (for an overview
see e.g. [7]), is primarily manifested in the duration
ratio of the stressed and unstressed syllable of the
disyllabic foot. Word quantity has been found to
affect the realisation of several phrase-level
duration-related
phenomena:
pre-boundary
lengthening [e.g. [3], [12]), phrasal stress [5],
emphatic lengthening [13]. Word quantity also
determines the alignment of the intonational H*+L
pitch accent.
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3. RESULTS
Spectral balance and spectral emphasis. The
intensity distribution over four frequency bands did
not differ significantly in the three accentuation
conditions. As shown in Figure 1 for the vowels /ɑ/
and /e/, the intensity level in all frequency bands
tends to be highest in the emphatic accent condition
and lowest in the deaccented condition, but these
differences are not significant. The ratio of the
spectral energy in the frequency bands 0–1 kHz and
1–5 kHz also did not show a significant difference
between the accentuation conditions. The two
measures also did not distinguish between the
quantity degrees.
Figure 1: The mean intensity in different
frequency bands of the stressed syllable vowels
(/ɑ/ and /e/) in the three accentuation conditions.
70
Intensity (dB)

The data consists of 18 disyllabic words that
constitute three minimal vowel-based quantity
triplets and three minimal consonant-based quantity
triplets, for instance lina ‘sheet’ (Q1), Liina [proper
name] (Q2), vii:na ‘vodka.PAR’ (Q3); linu
‘sheet.PAR.PL’ (Q1), linnu ‘bird.GEN’ (Q2), lin:nu
‘town.PAR.PL’ (Q3). The test words were embedded
in four-word sentences where they occurred in the
third position. The sentences were read aloud by
nine speakers (five women and four men) in answer
to three questions eliciting three information
structures and accentuation conditions: 1) broad
focus (the test word received the nuclear accent
signalling broad focus), 2) narrow focus on the test
word (the test word received an emphatic nuclear
accent signalling narrow focus), and 3) narrow focus
on the first word of the sentence (the test word was
deaccented). The condenser microphone Neumann
TLM 102 was used to record the speech material.
The data set consisted of a total of 486 sentences.
The overall intensity measures that were
examined were the mean intensity of the stressed
syllable vowel, and the intensity range of the test
word, calculated as the difference between the mean
intensity of the stressed syllable vowel and the mean
intensity of the unstressed syllable vowel.
Since overall intensity may depend on F0, we
compared the intensity measures with the relative F0
maximum of the stressed syllable vowel and the F0
range of the test words. To calculate the relative F0
maximum, we first calculated for each speaker the
average F0 maximum of the stressed syllable vowel
of each test word across the three accentuation
conditions, and then calculated the relative F0
maximum for each test word in each condition as the
difference from the average value. The F0 range was
calculated as the difference between the F0
maximum of the stressed syllable vowel and the F0
minimum of the unstressed syllable vowel.
Spectral emphasis was calculated in the vowel of
the stressed syllable as the difference between the
energy of the entire spectrum (i.e. up to the Nyquist
frequency 0–24 kHz) and the energy of the
frequency band 0–1.43*F0, following [15].
Spectral balance was characterised in two ways.
First, spectral tilt was measured as the ratio of the
spectral energy in the frequency bands 0–1 kHz and
1–5 kHz, following [9]. Secondly, following [14],
spectral energy was measured as the change of
intensity in four successive frequency bands: 0–0.5
(B1), 0.5–1 (B2), 1–2 (B3), and 2–4 kHz (B4).
We used classical discriminant analysis and
multinomial logistic regression to evaluate the
classification power and the contribution of the

intensity and spectral measures to the prediction of
the accentuation and quantity conditions.
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Figure 2 shows the distribution of the spectral
emphasis values as a function of the accentuation
and quantity conditions. The accentuation conditions
did not have a significant effect on spectral emphasis
(F[2, 483]=1.65; p=0.192), but the effect of quantity
was
moderately
significant
(F[2,483]=3.29;
p=0.038). The clearest difference was obtained
between the overlong quantity on the one hand and
the short and the long quantity on the other hand,

p=0.029)

and

Figure 2: Spectral emphasis of the stressed
syllable vowel of the test words in the three
accentuation and three quantity conditions.
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Figure 4: The relative F0 maximum of the stressed
syllable vowel in the three accentuation and three
quantity conditions.
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Overall intensity. The results of the
measurements of the overall intensity as a function
of the accentuation and quantity conditions are
summarised in Figure 3.
Figure 3: The average mean intensity of the
stressed syllable and the intensity range of the
word in the three accentuation and three quantity
conditions (the unstressed syllable values were
obtained by subtracting the intensity range values
from the mean intensity values of the stressed
syllable).
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68
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In the deaccented condition, both the mean
intensity of the stressed syllable vowel and the
intensity range of the test word distinguish between
the three quantity degrees. The non-emphatic
accent condition is distinguished from the
deaccented condition by an increase of the intensity
level in the stressed syllable, whereas the intensity
range still distinguishes between the three quantity
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degrees in the same way as in the deaccented
condition. The emphatic accent condition in turn is
distinguished from the non-emphatic accent
condition by increased intensity in the stressed
syllable vowel, as well as by an increased intensity
range of the word. Additionally, the intensity range
also distinguishes between the three quantity
degrees, as in the deaccented and non-emphatic
accent conditions.
Since differences in overall intensity may result
from differences in F0, we compared the intensity
measures with F0 measures. Figure 4 shows that like
the mean intensity of the stressed syllable vowel
(F[2,483]=88.4; p<.001), the relative F0 maximum
of the stressed syllable vowel distinguished between
the three accentuation conditions (F[2,483]=281.7;
p<.001). However, unlike the intensity level, it did
not distinguish between the quantity degrees in the
deaccented condition (F[2,483]=1.87; p=0.158).

F0 peak differences (st)

respectively
(F[1,322]=4.75;
(F[1,322]=4.81; p=0.028).

Figure 5 shows that the F0 range of the test
words distinguished between all three accentuation
conditions (F[2,483]=100.5; p<.001), unlike the
intensity range which only distinguished the
emphatic accent condition. Also unlike the intensity
range, which consistently distinguished between all
three quantity degrees in all the accentuation
conditions (F[2,483]=15.5; p<.001), the F0 range in
general did not differentiate the quantity degrees
(F[2,483]=0.51; p=0.607), although it weakly
distinguished between them in the non-emphatic
accent condition (F[2,483]=3.41; p=0.034).

Figure 5: The intensity range (upper figure) and
the F0 range (lower figure) of the test words in the
three accentuation and three quantity conditions.

Table 1: Multinomial logistic regression models
predicting the accentuation and quantity categories
(+ significant feature, – insignificant feature).
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Modelling. Table 1 presents the significant
features in the binary predictive models for
accentuation and quantity obtained by multinomial
linear regression analysis. The reference categories
were respectively the non-emphatic accent condition
(Acc) and the long quantity degree (Q2). The overall
intensity level of the stressed syllable vowel
dominates as the significant feature in the
accentuation prediction models, while the intensity
range dominates in the quantity prediction models.
The signficance of the other parameters is arbitrary.
A classical discriminant analysis showed that the
accentuation models M1 and M2 have a moderate
classification power (respectively 67% and 70%)
and the quantity models M3 and M4 only a marginal
classification power (61% for both models) on the
basis of the intensity and spectral parameters.
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The study asked whether the presence of an
intonational pitch accent in a word also correlates
with overall intensity, spectral emphasis and spectral
balance as cues to phrasal stress, and whether this
correlation is affected by the quantity degree of the
word. The study found that the accentuation
conditions only correlated with overall intensity:
both non-emphatic and emphatic accentuation was
accompanied by an increased intensity in the
stressed syllable, and emphasis also correlated with
an increased intensity range in the word; these
effects were identical in all three quantity degrees.
However, these intensity differences can be seen to
reflect F0 differences, which also distinguished
between the accentuation conditions: both the nonemphatic and the emphatic accent involved an
increase in the relative F0 maximum of the stressed
syllable, as well as in the F0 range. It can thus be
concluded that phrasal stress in Estonian does not
correlate directly with overall intensity, spectral
emphasis or spectral balance.
Interestingly, the study found that overall
intensity and spectral emphasis correlated with word
quantity. The intensity range distinguished the
quantity degrees in all the accentuation conditions,
and the mean intensity of the stressed syllable vowel
in the deaccented condition. A comparison of the
intensity and F0 measures suggested that the
distinctive intensity features of the three quantity
degrees did not mirror F0 differences, as was the
case for the accentuation conditions. In addition to
overall intensity, spectral emphasis weakly
distinguished the overlong quantity. In conclusion,
although the intensity and spectral features played a
relatively small role in the quantity prediction
models, it is remarkable that the intensity range
showed a consistent discrimination power in all the
accentuation conditions. Intensity range is thus a
potentially relevant correlate of word quantity in
Estonian and requires further study.
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ABSTRACT
This study examines jaw and tongue blade (TB)
articulation of prominence in two English sentences
(one with target words containing mid front vowels,
the other with all low vowels) produced by L1 and
L2 (French) speakers of English. The results show
that even though the phonological target vowels are
kept constant in the sentence, the amount of jaw
lowering and the corresponding tongue position in
the sentences vary for each word. This is true for
both L1 and L2 speakers. However, the patterns of
the L2 speakers can be different from those of the
L1 speakers; for instance, the L1 speakers show
consistent patterns of Low-High jaw position for
each word in a phrase in these sentences, with a
step-wise lowering at TB position and one word at
the lowest jaw position in the utterance, whereas L2
speakers generally do not have a consistent word
with the lowest jaw position.
Keywords: articulatory prominence, jaw, tongue, L1
& L2, English & French
1. INTRODUCTION
Our work is inspired by the observation that in
English, the jaw is lowest on the prominent syllables
in an utterance (e.g., [1, 2, 3, 4, 5, 6]). Moreover, for
emphasized syllables, regardless of vowel height,
the jaw lowers more, and the distance between F1
and F2 either decreases or increases depending on
whether the vowel is low or high, respectively [2].
Recent work has pursued this finding to report that
the amount of jaw displacement from the occlusal
plane in each syllable in an English utterance (with
all low vowels) shows significant correlation with
first formant frequency values as well as metrical
grid levels of that sentence, (e.g., [4]). That is, a
larger jaw displacement/larger F1 value indicates a
more prominent syllable, and the largest jaw
displacement/largest F1 indicates the word in the
sentence with nuclear stress/prominence.
Based on findings from these studies on English
that jaw height reflects syllable prominence, this
study examines articulation of prominence in two
English sentences, as spoken by L1 and L2 (French)
speakers of English. English and French employ
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different rules for prominence implementation. For
English, one syllable in each phrasal unit is more
prominent than the other, with flexibility about the
position of the prominence within the phrase,
depending on the speaker's semantic intention.
French has phrasal prominence occurring at the end
of the phrase, as a function of marking phrase
boundaries. Given the different rules for location of
the phrasal stress, we would expect to see French
speakers showing phrasal stress at the end of each
phrase, while English speakers would show more
flexibility about the position of the prominence in
the phrase (see also [13]). Besides, since the two
languages use "stress" differently, i.e. one to signal
the end of the phrase and the other to signal the
semantically important word, we might expect that
articulatory implementation of "stress" might be
different for the two languages, and that learners of
English might carry over their L1 patterns to L2. A
comparison of the L1 and L2 speakers of English
would be useful in seeking salient articulatory
features for prosody learning.
In this paper, we investigate not only jaw
articulation but also tongue movement of both
English L1 speakers and French L2 speakers of
English. Recent work (e.g. [13, 15, 16]) has
indicated that increased displacement of jaw and
tongue body, and accompanying lengthened duration
and increased F1 values are highly correlated with
prominence in both of the languages. We wonder if
French learners of English have different
articulatory patterns from native speakers of English.
Our questions are two-fold: what are some
consistent jaw and tongue articulatory patterns for
the L1 speakers? Are the L2 patterns similar to that
seen for the L1 speakers?
2. METHOD
2.1. Participants

Articulatory and acoustic data were recorded with an
NDI Wave articulograph at GIPSA-lab, Grenoble,
for 5 French L1 speakers (3 M, 2 F) and 4 English
L1 speakers (2 M, 2 F). Note that the two female L1
speakers were excluded from analysis due to some
recording problems. Data from two additional
English speakers (1 M, 1 F) recorded at JAIST,

Japan, using 3-D EMA (Carstens AG500) were
analysed as well. The data obtained respectively
from NDI and 3-D EMA were pooled together for
analysis (see [10]). The subjects’ ages ranged from
22-70 at the time of recording. The L2 French
speakers had an intermediate to advanced level in
English based on informal interviews. The number
of subjects was not sufficient for exploring a relation
of L2 proficiency with patterns of prosodic
articulation, but for finding out possible variations in
prosody acquisition.
2.2. Materials

The material consisted of both French and English
sentences; here we report only on the English
utterances (for French utterances, see [13]). The
target words in one of the sentences contain all front
mid vowel [e]; the other, all low vowel [a]. The two
sentences examined here are the following:
(1) I gave dates to Kay today.
(2) I saw five bright highlights in the sky tonight.
The sentences were chosen to control for vowel
quality, that is, to keep the vowels as similar as
possible, since vowel height affects jaw opening (for
low vowels in English, the jaw opens about 2 mm
lower than for mid vowels, and about 4 mm lower
than for high vowels [11, 20]). The target vowels in
the first sentence were the [e] part of the /ei/
diphthongs, those in the second sentence, the [a] part
of the /ai/ diphthongs.

head movement using the reference sensors after
low-pass filtering at 20 Hz.
2.4. Data Analysis

MView [18] was used for marking boundaries of
vowel gestures (see Figure 1). The boundaries for
target vowels were demarcated based on the steady
state of vowel formants. The articulatory parameters
(jaw and Tongue Blade (TB) positions relative to
occlusal plane) were measured at the lowest jaw
position (marked with vertical thick lines in the
figure) within the vowel for each of the target words.
By doing so, the articulatory movement and
corresponding acoustic measures can be correctly
estimated in the vowels [19].
Figure 1: A typical articulatory pattern for a
sample utterance of (I) gave dates to Kay today by
L1 speaker, I1. Upper panels show the acoustic
wave form and spectrogram and bottom panels
show TB and jaw tracings (mm), respectively. The
vertical thick lines demarcate the point of
maximum jaw opening in the vowel part of each
word, the point at which the jaw and tongue
measurements were made.

2.3. Procedure

For all recordings, one sensor was placed on the
lower medial incisors to track jaw motion, and four
additional sensors (upper incisors, bridge of the nose,
left and right mastoid processes behind the ears)
were used as references to correct for head
movement. For the NDI English recordings, each
speaker repeated the sentences six to nine times; for
the EMA recordings, five times. All of the tokens
were pooled together for a comprehensive
comparison across speakers. The speakers read a
randomized list from a PowerPoint display of the
sentences about five to nine times; each sentence
was presented separately to avoid any list effects.
Before recording they practiced until they felt
comfortable reading the sentences. The articulatory
and acoustic data were digitized at sampling rates of
200 Hz and 16 kHz, respectively. The occlusal plane
was estimated using a biteplate with three additional
sensors. In post processing, the articulatory data
were rotated to the occlusal plane and corrected for
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TB is a correlate of the tongue movement based
on the following reasons. First, it was easier to
displace sensors of tongue blade onto a consistent
position than of tongue dorsum in the separate
experiments. Second, tongue body is physically
connected to jaw via digastric muscle to hyoid bone,
but their coupling is non-rigid for speech [9, 14, 21].
Thus, we reported results of the tongue blade, which
is a main articulator for the mid-front vowel /e/.
3. RESULTS
For all speakers, the amount of jaw lowering as well
as the corresponding TB position for each syllable in
the sentences varies, even though the phonological
target vowels are kept constant. However, the
patterns vary depending on whether the speakers are
L1 or L2. In describing the results, we refer to a low
jaw position as indicative of a prominent syllable (S)
and a high jaw position, of a relatively less
prominent syllable (W). For both sentence types

(regardless of a mid or a low vowel in the target
words), the jaw position varies such that there tends
to be one lowest jaw position in the utterance, which
is referred to here as the nuclearly prominent
syllable (cf. [4]). Tongue position necessarily varies
depending on vowel height. That is, for the mid
vowel utterances, the jaw is low and TB is high
enough for a prominent syllable. For the low vowel
utterances, TB is expected to be low and jaw is
relatively open. We also examine TB-Jaw (i.e., the
value of the tongue blade position relative to the jaw
position) to understand how different articulators
collaborate in prosodically varying contexts.

Figure 2: Average Jaw and TB positions for L1
speakers for each of the target words in (I) gave
dates to Kay today. Since the patterns vary across
speakers, y-axis values are such to allow easy
visual comparison of articulatory patterns.
(bottom: jaw position; top: TB position)

3.1. Jaw, TB and TB-Jaw patterns for sentence with
mid vowels. (I) gave dates to Kay today.

3.1.1. L1 Speakers
Figure 2 shows Jaw and TB patterns for the four L1
speakers. The jaw patterns are as follows: for the
two words in the first phrase (gave dates), three
speakers (J1, I1, I2) show SW patterns with gave
having a lower jaw position than dates, while the
fourth speaker (D1), has a WS pattern, with dates
having a lower jaw position. For the final phrase, all
speakers show Kay having the lowest jaw position in
the utterance as the nuclearly prominent word in the
utterance. As for the TB, in most cases it appears
unaffected by jaw lowering on prominent syllables
and shows a general word by word lowering of the
tongue. The slight exception is I2, who exhibits a
dependency of TB movement on the jaw (R=0.86,
p=0.00): when the jaw is low on gave and Kay, the
corresponding TB position is low, too.
Regarding the results of TB-Jaw, i.e., the vertical
distance from TB to jaw, all L1 speakers show the
lowest TB-Jaw value on the final word; the jaw is
high and the TB is low, so that we see both less jaw
and TB movement for phrase final position, which
might be interpreted as indicative of articulatory
declination, i.e., a reduction of articulatory effort
over the utterance. Two of the speakers (D1 and J1)
show the highest TB-Jaw value (25.66mm for D1,
and 24.75mm for J1) for the nuclear prominent item
(Kay), and in this case, the jaw is lower, but the TB
is raised. This is consistent with findings by [2], that
prominent (emphasized) mid-vowel syllables have
lower jaw and higher tongue positions. However, the
other speakers show the largest TB-Jaw on either the
first word of the utterance (I1), or the final word of
the first phrase (I2). Note that their TB position is
highest on W(ord) 1 and 2, respectively. It seems
that the L1 speakers optionally raise their TB to
enhance the nuclearly prominent word.
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3.1.2. L2 Speakers
Figure 3 presents the articulatory patterns for the
four L2 speakers. M2 and M3 suggest a WS SW or
WS WS pattern, respectively, for jaw movement,
with increased prominence on Kay or dates/day,
respectively. Both M2 and M3 show a less marked
lowering of the TB, as compared to that for L1
speakers. C1, R1 and M1 exhibit a SW SW pattern
of jaw, which resembles the rhythmic pattern by L1.
Figure 3: Average Jaw and TB positions for L2
speakers (M1 is omitted here for space limitation)
for each of the target words in (I) gave dates to
Kay today. See caption for Figure 2 for details.

In fact, the L2 speakers exhibit many noticeable
characteristics in their production of English. The L2
speakers locate the lowest jaw as indicative of a

nuclearly prominent word to various positions,
which is consistently on Kay for L1. As in Figure 3,
the lowest jaw position is on gave for three speakers
(C1, R1, M1), dates for M3, and Kay for M2.
Placing the nuclear stress on gave is not acceptable
in English rules, unless this word is emphasized.
Furthermore, the TB fluctuation by L2 is less
pronounced compared to that by L1. The difference
in TB position (=TBmax - TBmin) throughout the
utterance ranges from 1.31mm to 2.68mm across the
L2 speakers, while for L1, 3.65mm to 5.84mm. It is
also found that the TB movement by the L2 speakers
is strongly correlated with jaw at least in three cases
(C1: R=0.77, p=0.00; M2: R=0.53, p=0.00; M1: R=0.50, p=0.01), implying that TB and jaw are
interdependent in L2 production.
Figure 4: Average Jaw and TB positions for
representative L1 speakers (I1 and I2; top panel)
and L2 speakers (C1 and R1; bottom panel) for
each of the target words in (I) saw five bright
highlights in the sky tonight. See caption for
Figure 2 for details.

TB, suggesting gestural coordination is voweldependent.
For the L2 speakers, they show tendencies for
alternating patterns of jaw position for this sentence,
but generally not as marked as the L1 speakers. Only
three of the speakers (C1, M1, and M3) showed the
SW repetitive pattern that L1 speakers showed, and
they also showed possible nuclear prominence (M3
on five, M1 on high, and C1 on sky). As for the TB
of the three L2 speakers who had SW jaw patterns,
their TB tracings did not match the SW jaw patterns,
as did the TB for the L1 speakers. The other two
speakers (M2 and R1) showed a WS pattern in the
first two phrases, placing prominence on bright and
lights, which is an unacceptable production based on
English stress rules (unless these particular words
were emphasized). Interestingly enough, when the
L2 speakers produced the undesirable WSWSSW
pattern, there is a tendency that their TB and jaw are
not correlated, in contrast to the L1 speakers.
4. DISCUSSION

3.2. Jaw and TB patterns for Sentence 2. (I) saw five
bright highlights in the sky tonight.

Figure 4 presents the articulatory pattern of the
sentences for L1 (top) and L2 (bottom) speakers,
respectively. For the L1 speakers, the patterns of
Jaw and TB for this sentence are such that all
speakers show an SW pattern for each of the
phrases; however, which word receives the nuclear
prominence varies: for D1, it is high; for J1, sky and
for I1 and I2, five. The TB pattern matches that of
the jaw for the three male speakers, but less so for
the one female speaker, which may be related to
male-female differences in articulation strategies,
given vocal tract size differences [12]. In contrast to
the mid front vowel, the consecutive low-vowel
production involves a marked synergy for jaw and
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This study has focused on the articulation (jaw and
tongue blade) of English prominence, comparing L1
and L2 speakers. The data reported for the L1
speakers here support findings from previous
studies: English prominence is implemented
articulatorily by increased jaw lowering, regardless
whether the vowel is mid or low. Moreover, English
speakers are free to choose which word in the phrase
and which word in the utterance has the most
prominence. This could be the case when the
speakers were guided to read with no pragmatic
contexts. A new finding in this study concerns TB
movement in English prominence. In general, the
vowel height affects whether TB and jaw can form a
synergy in articulation of prominence. In the case of
mid front vowel, the TB and jaw are independent:
the jaw shows a high-low pattern, reflecting SW
word prominence, while the TB shows a step by step
lowering. By contrast, the repetitive SW jaw pattern
found in the low vowels perfectly matches the
corresponding TB positions. We see more
constraints in TB movement for the front mid vowel,
which needs to be distinctive in a crowded vowel
space (see also [7, 8]). New findings are also
reported about L2 articulation of prominence in
English sentences. Some L2 speakers show
alternating patterns of high-low jaw position, but the
others produce prosodic patterns that violate English
stress rules, suggesting varying degrees of prosodic
transfer from their native language. The errors found
in the L2 production may be associated to
articulatory strengthening at pre-boundary positions
reported in French [15, 17].
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ABSTRACT
The Accentual Phrase (AP) in Korean is said to be
conditioned by the glottal status in the AP-initial
segments, with the canonical shape of THLH. T is
realized a H when the initial segment of the AP bears
[+stiff vocal cords] and L when it bears [-stiff vocal
cords]. The paper raises the question of whether the
binary categorical distinction for the AP initial T is
reflected upon phonetic realization of F0 (in
semitone). The question is pursued by analyzing pitch
contour shapes of canonical APs over word-like
chunks in Korean reading-style corpus. The initial
segments are divided into three groups of fortis
obstruents, lenis obstruents, and sonorants. The
results showed that the F0 is affected not only by the
laryngeal status but also by the sonority difference
between lenis obstruents and sonorants. The
research raises an empirical question regarding the
binary distinction of categorical prosodic events in
the Tone and Break Indices (ToBI) system.
Keywords: Korean, Accentual Phrase, sonorants,
F0(semitone), duration, K-ToBI.
1. INTRODUCTION
The glottal status of the initial segments is said to
condition the tonal realization of Accentual Phrase
(AP) in Korean. That is, the AP is demarcated by its
tonal pattern THLH, where T represents either H or L
depending on the status of the segmental feature [stiff
vocal cords] in the syllable onset (Jun, 1996, 2000,
among others). According to the theory of KToBI(Korean Tone and Break Indices), presence of
the feature [stiff vocal cords] places fortis, aspirated
obstruents, and fricatives (i.e., /p’, t’, k’, ts’, pʰ, tʰ, kʰ,
tsʰ s, sʰ/) makes the initial tone in AP realized as H.
The absence of the feature, on the other hand, groups
the lenis obstruents /p, t, k, ts/ and sonorants together
and makes the AP-initial tone L.
The codification of the tonal pattern for Accentual
Phrases was originally proposed by Jun (1993). Jun
(1993) noted asymmetric behaviour of F0, in that the
F0 values after stops with [+stiff vocal cords] stops
were significantly higher than those after lenis stops
and sonorant consonants. Interestingly, the F0
difference was not due to the well-attested microprosodic effect. What distinguishes the pitch
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perturbation effect in Korean from other languages
was that while such micro-prosodic effect in other
languages occurred during the transition between
segments, lasting only for about 20-40ms after the
vowel onset (Gandour 1974; Hombert 1978; Hombert
et al., 1979), the f0 differences in Korean persisted
until the end of the vowel (Jun, 1993). This
observation led Jun (1993) to propose that the
laryngeal effects was phonologically determined in
Korean.
The paper aims to test whether the AP-initial
segment brings about dichotomous F0 realization.
Following the standard assumption in the ToBI
tradition due to the influential work of Pierrehumbert
(1990), previous literature divides the prosodic
category into binary levels of H and L (Jun, 1993).
Phonetic studies of duration and F0, on the other hand,
cast doubt on binary AP-initial tonal patterns. A
question of whether binarity of tones in the AP is
empirically valid or not needs to be raised if we
consider the interaction of F0 and segmental duration.
It is possible that segmental duration and F0 may
interact with each other. And the interaction may
influence segments of different laryngeal features for
their F0 realization. For example, the duration of
domain-initial syllable is affected by the type of
initial segments (Yun, 1998). When the initial
segment is sonorants such as nasals, the initial
syllable is noticeably lengthened. If the initial
segment is, on the other hand, a voiceless consonant,
the initial syllable is shortened. Laryngeally marked
segments are expected to have shorter duration along
with higher F0. Likewise, sonorant consonants are
expected to have longer duration along with lower F0.
It is also known that low-toned vowels are longer than
high-toned vowels (Gandour, 1977), and vowels on
rising or contour tones are longer than vowels on
falling tones(Cho & Flemming, 2011, Grice Savino &
Roettger, 2018). Simiarly, Erikson & Alstermark
(1972) observed that the pitch movement is often
reduced when vowel length is decreased. Prieto &
Ortega-Llebaria (2009) found that even among
syllables in final-stress words, rise-falls induce longer
duration than simple falls. This seems to be in line
with the observation that rising or contour tones are
more likely to result in longer vowels than falling
tones.
Given the observation, we can think of a scenario
in which a four-syllable AP with an initial vowel is

compared to a quadrisyllabic AP with a lenis stop. If
the binary distinction is maintained, then we may not
see any difference in the realization of F0 between the
two initial segment types. On the other hand, if we
assume the F0 is affected by the duration of the
nucleus of an AP, then AP initial vowels will have
lower F0 values than the vowel that occurs after a
lenis stop, because the AP initial vowels are longer
then the AP initial vowels occurring after a lenis stop.
If the duration of tone-bearing unit affects the F0,
then there is a possibility that the tone may not be
restricted to a binary distinction. Thus, a question can
be casted whether the initial tone is best be divided
into a binary category, or it can have more detailed
categories. In this paper, these two possibilities will
be tested using a speech corpus.
2. DATA ANALYSIS
2.1. Data

Speech samples of female speakers are extracted from
“The Reading-Style Speech Corpus of Standard
Korean” (NIKL, 2005) and then used to test the
hypothesis delineated in the previous section.
Speakers in their 20’s are chosen for the analysis. To
minimize the subjective encoding of prosody in the
speech signal, four syllable words which were
flanked by non-silent speech event are decided to be
canonical Accentual Phrases in Seoul Korean. The
decision is made based on the following observations:
The shape of the AP tonal contour manifests a wide
range of variation, with truncated two-tonal contours
(e.g., LL, LH, HL, HH) to four-tonal contours (e.g.,
HHLH, LHLH, LHLL, and HHLL). This variation
poses complications in speech data analyses. Thus, as
is the case with the majority of previous studies (Jun
& Lee, 1998, Yoon 2017, among others), a subset is
chosen to limit the scope of analysis to F0 contours of
the AP that manifests LHLH or HHLH. It is found
that these two canonical tonal contours are observed
in case the number of syllables is at least four. In the
case of four syllable Accentual Phrases, the first tone
is realized on the first syllable and the second tone is
associated with the second syllable of the AP. And the
last two tones are linked to the last two syllables (Jun,
1993; Kim, 2013; Jeon, 2011; Jeon & Nolan, 2017).
Phonetic analyses of speech samples were aided
by the forced alignment system for Korean (Yoon &
Kang, 2012; Yoon, 2015). The forced aligner takes as
an input a pair of a sound file and its transcription in
Korean, and generates word-like chunks (called
eojeol) and phone annotations with time information
as an output. With the phone- and word-aligned data,
I calculated the number of phones in each word-like
chunk, as well as the duration F0 (in semitone) of
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each phone. Semitone is used instead of Hertz
because Nolan (2003) reported that the psychoacoustic scale better reflects listeners’ intuitions
about melodic equivalence than Hertz.
In the corpus used in this experiment, threesyllable and four-syllable words are the two most
frequent words, as in Yoon (2017). The token number
for the trisyllabic words is 3,588, and the number for
the quadrisyllabic words is 2,918. In this study, only
four-syllable words were used, on the justification
from the previous study that the canonical phrasal
accent of THLH is realized on the quadrisyllabic
words. In order to test the effect of segmental types
on the initial shape, the extracted 4-syllable words
were further divided into 4 groups (i.e., vowels,
sonorants, lenis obstruents, and fortis obstruents).
Fortis obstruents include tense and aspirated stops as
well as /s/ and /h/, whereas lenis obstruents consist of
plain stops. The number of tokens for each of the
categories are as follows:
Table 1: Number of tokens per initial segmental type
Initial segmental type Number of tokens
Vowels
996
Lenis Obstruents
627
Fortis Obstruents
785
Sonorants
420
3. RESULTS
In this section, I will present results that illustrate that
individual speakers manifest their tonal patterns as
LHLH when the first segment of the APs is not
controlled. And then I will present the visual
demonstration that the duration and F0 (in semitone)
of the vocalic portion show an inverse relationship for
different initial segment types. Finally, results of a
statistical analysis will be shown that states that the
initial segment types indeed contribute to the
modelling of the AP tonal contours.
Visual assessment was first done to see whether
there is speaker-dependent variation. Figure 1, which
is replicated from Yoon (2017), illustrates mean F0
contours of the presumed AP patterns plotted for each
of the 17 speakers. The overall tonal pattern of the
four syllable words appeared to confirm that the
canonical AP contour was LHLH, despite interspeaker variations. Note that the type of initial
segments is not controlled.
The tonal pattern of the quadrisyllabic words were
analysed using third-order orthogonal polynomials.
The analysis was carried out in R version 3.02 (R
Development Team, 2009), using the lme4 packages
(Bates et al., 2015). The results showed that even
though linear and quadratic polynomials did not show
any statistical significance (p > 0.26 and p > .12,

respectively), the cubic polynomial term turned out to
be significant (p < .001), verifying that the underlying
tonal pattern could be better modelled including terms
for two tonal turning points.

tonal pattern is affected by the segmental types that
occupies the AP-initial position.

Figure 2: Segmental effects of Duration

Figure 1: Segmental effect of F0 (Read speech)

With the visual and statistical confirmation that
the quadrisyllabic words in the data at hand showed
the canonical AP shape of LHLH, I now turn to the
question of whether the initial segment type will be
best modelled using only binary distinction of L and
H. Visually check was made to see the relationship
between duration and F0 (in semitone) for initial
segmental types. If binary distinction is to be
maintained, the tonal shape won’t be affected by the
duration of the AP-initial nucleus. On the other hand,
if the longer nucleus duration is to have lower F0, and
shorter nucleus duration higher F0, the height of F0
may be affected by the duration of the AP initial
nucleus conditioned by the initial segmental type.
Figure 2 and Figure 3 illustrate that the duration
and F0 of the AP-initial nucleus conditioned by the
AP-initial segmental types. As apparent in the two
figures, the duration of nucleus is inversely related to
the F0 depending on the type of the initial segment
categories.
Growth curve analyses (Mirman, 2014) were
again conducted to analyse the tonal pattern of the
four syllable words conditioned by initial segmental
type. The overall tonal curves were modelled with
third-order orthogonal polynomials. Initial segment
types on all syllable position terms were set to be
fixed effects. The cubic orthogonal polynomial
captured the overall time-dependent syllable position.
Results indicated that the effect of the type of initial
segment improved model fit (χ²(2) = 209.18,
p<0.001). The effect of the initial segment type on the
cubic terms also improved model fit (χ²(2) = 20.16,
p<0.001). The analysis leads us to conclude that the
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Figure 3: Segmental effects of F0 (in semitone)

4. DISCUSSIONS AND CONCLUSTION
In this paper, a question was posed whether the type
of the initial segments was shaped by a binary
phonological distinction, using a corpus of naturally
occurring speech corpora. Acoustic properties of
canonical four-syllable APs were extracted from
connected speech samples. The F0 values measured
in semitone were extracted from the middle of each
vocalic portion in the quadrisyllabic words. It is found
that the initial segment type has an effect on the
realization of both the duration and F0 on the vocalic
portion of the AP-initial syllable.
The initial segments are divided into four groups
of fortis obstruents, lenis obstruents, sonorants, and
vowels. The results showed that the AP-initial
segments are not only conditioned by the status of

[stiff vocal cords], but also by the coarsely-defined
sonority (Clements, 1990). Vowels which occupy the
highest in the sonority scale initiate the AP at the
lowest. The fortis obstruents which have the least
sonority value show the highest F0 points in the AP
initial position. Sonorants and lenis obstruents
position in the middle in the sonority scale, and also
in the realization of F0 in the AP initial position. Thus,
the analysis in the paper strongly implies that even if
plain stops and sonorants belong to the same [-stiff
vocal cords] group, the sonority difference between
these two plays a role in giving rise to different F0
realization at the beginning of the APs in Korean.
Differences in initial tonal realization needs to be
verified from perceptual domain and need to find its
way to link with binarity-based prosodic modeling.
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ABSTRACT

sources. The first is a paired production-perception
experiment investigating the prosody of partial quotation and its perspective shifting properties (henceforth PQ Exp.) The pair of participants were instructed to imagine they were playing a game where
they scored by interpreting the sentences in the same
way. The speaker was instructed to read the words
on the screen after reading the item silently. This
paradigm was successful in eliciting emotionally engaged speech. The second source was National Public Radio recordings (henceforth NPR), and the third
source was the recording of a Baptist sermon.

This paper presents evidence for a new non-syntactic
use of the IP boundary in American English,
the E MPHATIC J UNCTURE (EJ), annotated on the
Breaks tier as 4e. The EJ has two functions. The
first is to highlight the material following the juncture as prominent. The second is to signal perspective shift. The EJ’s status as an IP-type boundary is
clear from significant final lengthening of the preceding word and the presence of a notable pause
(sometimes >600 ms). The boundary tone sequence
used to mark an EJ is a plateau (H-L%, !H-L%). It
is intentionally planned by the speaker rather than
a disfluency, as evidenced by the continuity of the
pitch track across the juncture as well as downstep
across the EJ.

2. THE PHONETIC MARKERS OF THE
EMPHATIC JUNCTURE
The phonetic markers of the EJ are very similar to
the canonical IP boundary but consist of a specific
combination of IP boundary cues. The EJ induces final lengthening on the word preceding the juncture,
and the EJ must be realized with a notable pause.
The boundary tone sequence used to mark an EJ is a
plateau (H-L%, !H-L% in MAE_ToBI [2]).

Keywords: prosody, prosody-semantics interface,
intonation, juncture, annotation
1. INTRODUCTION
In American English, the Intonational Phrase (IP) is
the largest prosodic phrase. The right edge of an
IP is marked with a boundary tone (e.g. H%, L%),
final lengthening, and a large juncture after the final
word of the IP that may include a pause [10, 1, 2].
In many cases, IP boundaries align with the edges of
syntactic constituents ([13, 14], among others). In
some cases, however, speakers insert additional IP
boundaries for information structural reasons, such
as adding a pause before and/or after narrow focus
or adding a pause after a contrastive topic item (see
[3] for an overview of both.)
In this paper, I present evidence for a new nonsyntactic use of the IP boundary, the E MPHATIC
J UNCTURE (EJ), annotated on the Breaks tier in
MAE_ToBI [2] as 4e. The EJ is found in various
constructions such as transparent free relatives (e.g.
in what some folks call a % silver tsunami, shown
in Fig. 7), partial quotation (e.g. Larry challenged
an % “alarming rule” % at the board meeting., see
Fig. 2), and in various speech styles, such as sermon
speech or news speech.
The data shown in this paper come from three

2.1. Final lengthening

The EJ’s status as an IP-type boundary is clear from
significant final lengthening of the word directly preceding the juncture. Consider, for example, the word
an in Figs. 1 and 2, uttered by the same female
speaker as part of the partial quotation experiment.
Because these tokens were produced as part of an
experiment with a counterbalanced design, there are
no tokens uttered by the same speaker to act as a precise minimal pair by varying only the presence of an
EJ due to the usage of partial quotation. These two
utterances form a near minimal pair, however, given
that the word of interest occurs in the same syntactic
position and with very similar surrounding phonetic
segments on either side of the potential juncture location ([d] _ V).
In Fig. 1, an is produced IP-medially, with a duration of 160 ms. In Fig. 2, an is produced directly
before an EJ, with a duration of 439 ms. In both figures, the realization of an is highlighted with a box.
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3.1. The EJ highlights prominence

Figure 1: Ron observed an eerie enigma last
night. Duration of an = 160 ms (data from PQ
Exp.)

One of the primary functions of the EJ is to highlight
the material following the juncture as prominent. An
example of this function is shown in Fig. 3. In this
utterance, the speaker places an EJ after every syllable besides the, even within a single word (campaign), and each of these syllables is pitch-accented.
These extra junctures and pitch accents emphasize
the importance of the marked material. This juncture is similar to the break index 2 described in the
ToBI manual, found in the example “Iraqi” ([1], ch.
2.10), but the degree of emphasis is even higher here.

Figure 2: Larry challenged an “alarming rule”
at the board meeting. Duration of an = 439 ms
(data from PQ Exp.)

Figure 3: The best % cam- % paign % ad % ever.
(data from NPR)

2.2. Obligatory pause

The EJ’s phonetic status as an IP boundary is also
supported by the presence of a notable pause. Although a pause is optional as part of a canonical
IP boundary, the pause is obligatory in the case of
the EJ. These pauses can be rather lengthy, sometimes >600 ms. The pause in Fig. 2 between an
and alarming, for example, is 606 ms. However,
this pause is not due to a slowdown in phonological planning or some other disfluency, as would typically be marked on the MAE_ToBI Breaks tier with
the 2 or 3p label. In fact, it is intentionally placed by
the speaker to highlight the material following the
EJ. Some phonetic evidence for this intentionality
includes the continuity of the pitch track across the
juncture, as can be clearly seen in Fig. 2. The intentionality from a semantic perspective will be explored further in 3.1.

3.1.1. Emphatic marking in various speech styles
The highlighting function of the EJ is particularly
common in certain performative speech styles, such
as news speech (see the second juncture in Fig. 4)
or sermon speech (Fig. 5.) The speaker can use
the EJ to signal to listeners that the material following the juncture is particularly important or noteworthy. In these styles, the EJ can also be used as a
rhetorical tool, inserting pauses in unexpected locations to keep the audience engaged, similar to how
the speaker can vary pitch range and speech rate for
stylistic reasons. There need not be any marked construction to justify EJ insertion.
Figure 4: In what NASA is calling % a room %
with a view. (data from NPR)

2.3. Plateau boundary tone

While a canonical IP boundary can be marked with
a tonal rise, fall, or plateau, the boundary tone sequence used to mark an EJ must be a plateau (H-L%
or !H-L%.) The plateau indicates that there is a continuation of the utterance to come after the juncture.

Figure 5: Of a king coming to offer % peace.
(data from sermon)

3. THE FUNCTION OF THE EMPHATIC
JUNCTURE
The EJ has two primary semantic functions. The
first is to highlight the material following the juncture as prominent (3.1), a strategy particularly common in certain speech styles (3.1.1). The second is
to mark the following content as perspective shifted
(3.2).

3.2. The EJ marks perspective shift

Speakers are generally committed to the truth of
their utterances by default. In certain cases, how-
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source for the quoted material. Speakers mark the
onset of partial quotation (what would correspond
to the orthographic quotation marks) using an EJ. In
addition to the partial quotation example shown in
Fig. 2 above, the example in Fig. 8 demonstrates
the use of the EJ to mark partial quotation.

ever, speakers may utter content they might not fully
endorse. This is the semantic phenomenon known
as perspective shift [6, 15]. Perspective shift is a
pragmatically risky strategy since speakers generally wish to avoid content they do not endorse being mistakenly attributed to their beliefs [9, 6]. As
such, perspective shift typically occurs in the presence of various syntactic or semantic constructions
that provide a salient individual to whom the shifted
material can be attributed. I will examine the role
of the EJ in two such constructions, transparent free
relatives and partial quotation, neither of which have
been described prosodically. I will then discuss why
the EJ is a consistent prosodic feature of perspective
shifting constructions.

Figure 8: Noah gathered % deadly berries % in
the forest. (data from PQ Exp.)

The right edge of the partial quotation is also being marked with a notable pause, though the boundary tone is not a plateau but a fall (L-L%). This juncture is serving to audibly delineate the right edge
of the perspective-shifted material. The right edge
juncture is optional, but if it occurs it is always
paired with an earlier EJ.

3.2.1. Transparent free relatives
Transparent free relatives (TFRs; e.g. Allen poured
what (is called/he calls) a % beergarita [17]) provide a syntactic means to introduce an explicit attribution of an expression (beergarita, known generally as the pivot [5]) with a verb of saying (calls)
or belief and an optional source for the attribution
(he). Speakers typically mark the left edge of the
pivot with an EJ, shown in Figs. 6 and 7.

3.2.3. Why does the EJ mark perspective shift?
As shown in 3.2.1 and 3.2.2, speakers regularly employ the EJ to mark the start of the perspective
shifted material. The EJ is a signal the speaker
can utilize (along with facial expressions, paralinguistic gestures, voice quality, etc.) to indicate that
the marked material should be attributed to a source
other than the speaker. Inserting a large pause is
one of the best tools a speaker has to differentiate
perspective-shifted material in the midst of an utterance that also contains content the speaker does
want to endorse. The plateau preceding the pause
indicates an impending continuation (i.e. that there
is more material following the pause that is related
to the pre-pausal material.) By combining both the
plateau and the pause, the speaker is cuing they are
shifting perspective in the midst of the utterance.

Figure 6: Allen poured what he calls a % beergarita at the party on Friday. (data from PQ Exp.)

Figure 7: In what some folks call a % silver
tsunami. (data from NPR)

When using a TFR to perspective shift, the material the speaker wishes to attribute to another source
is contained within the pivot. Note that the EJ occurs directly before the material the speaker wishes
to perspective shift.

4. DIFFERENCES BETWEEN THE EJ AND
THE CANONICAL IP BOUNDARY
4.1. Canonical IP boundary corresponds to syntax

In many cases, IP boundaries align with the edges
of syntactic constituents ([13, 14], a.o.). The default placement of IP boundaries serves to mark the
syntactic grouping of words, with larger prosodic
boundaries more likely to occur at the edges of
larger syntactic constituents. Speakers can use
this convention to disambiguate certain ambiguous
structures, such as the attachment location of an adjunct PP. For example, consider the sentence in (1):

3.2.2. Partial quotation
Partial quotation (e.g.
Noah gathered
“deadly berries” in the forest.) has been proposed to facilitate perspective shift [11], following
previous analyses for full clausal quotation [8].
Unlike TFRs, however, partial quotation lacks an
explicit mechanism to encode the non-speaker
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(1)

an Intermediate Phrase break. Downstepping often
occurs when the information is predictable or backgrounded [10].
In the MAE_ToBI framework, the Intermediate
Phrase is defined as the domain of downstep, meaning that downstepping can only occur between two
high targets that are within the same intermediate
phrase. The fact that the Intermediate Phrase is defined as the domain of downstep is also why pitch
range reset may optionally occur at an Intermediate
Phrase boundary.
Perhaps surprisingly, however, downstep is sometimes licensed across the EJ, specifically the highlighting EJ. In Fig. 9, for example, the high targets,
associated with not and forever, on either side of the
EJ are in a clear downstep relationship. When the
pause is removed in this utterance, it sounds like a
textbook case of downstep from offer (H*) to not
(L+!H*) and again from not to forever (!H*).
An even more striking example is shown in Fig. 3
above. Given that EJs are being placed word internally in this utterance, this example shows that the
highlighting use of the EJ does not correspond to an
information structure boundary. Since this EJ does
not signal an information structure boundary, downstepping is licensed across the juncture.
Downstepping is not licensed, however, across the
perspective shifting EJ. Instead, pitch range is allowed to reset after the juncture. When we consider
that the perspective shifting EJ is placed in order to
mark the start of perspective shifted material, this
divergence makes sense. Perspective shift signals
a major information structure boundary, and pragmatically, the perspective shifted material should be
neither predictable nor backgrounded.

The artist sketched the man with the pen.

With no medial IP boundaries, (1) is ambiguous as
to whether the pen should be interpreted as a modifier, describing the particular man the artist sketched
as the one who had the pen, or as an instrument,
specifying what writing instrument the artist used.
These two meanings can be disambiguated through
the insertion of IP boundaries [12, 4, 16, 7]. Inserting an IP boundary after sketched (shown in (2)) disambiguates to the modifier interpretation, whereas
inserting an IP boundary after man disambiguates to
the instrument interpretation, shown in (3).
(2)
(3)

The artist sketched % the man with the pen.
The artist sketched the man % with the pen.

Thus, IP boundaries are typically informative to the
underlying syntactic structure and constituency.
4.2. The EJ does not mark syntactic structure

Although canonical IP boundaries typically mark
the edges of large syntactic constituents, this is not
a function of the EJ. In fact, an EJ can intervene
between even the most local constituency relationships. EJs can occur between a determiner and its
noun, such as between an and alarming in Fig. 2 in
2.1 above, or between negation (not) and an adverb
(forever), as in Fig. 9.
Figure 9: That offer is not % forever. (data from
sermon)

Given the typical role IP boundaries play in marking syntactic structure, the placement of EJs in these
positions is quite surprising. Although the phonetic
realization of the EJ gives it the appearance of an
IP boundary, clearly the EJ is not functioning to
mark the syntactic grouping of words. This becomes
even more apparent when we consider the domain of
downstep in relation to the EJ.

5. DISCUSSION
The emphatic juncture looks very similar to an
IP boundary phonetically, being realized with final
lengthening and a pause. Unlike an IP boundary,
however, the pause is obligatory, and the EJ does not
correspond to syntactic grouping relations. Rather,
the EJ has two functions: 1) highlighting the material following the juncture as prominent or 2) marking the onset of perspective shift.
Although the two types of EJ are phonetically
identical, they differ in how they interact with the
prosodic structure of the utterance regarding downstep. Future research could illuminate more distinctions between these two types of EJ and perhaps
even further uses of the EJ, as well as other types
of boundaries with non-syntactic functions.

4.3. Downstep across the EJ

In English, downstepping refers to a high target being realized lower relative to a previous high target than can be explained by declination (e.g. !H*
in MAE_ToBI), resulting in a lowering of the upper bound of the pitch range. Subsequent high targets will thus be realized no higher than the pitch
of the !H* target unless the pitch range is reset at
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ABSTRACT
It has been shown that speakers generally reduce
repeated words in discourse. However, most evidence
comes from well-documented languages, in particular
English. In the current paper we investigate to what
extent repetition affects the prosody of words in
Yucatecan Spanish. This is an under-researched
variety originating from contact between speakers of
Spanish and Yucatec Maya, which is spoken in the
Yucatán Peninsula of Mexico. To this extent, an
analysis of several acoustic cues was carried out. The
measures were taken from content and function words
occurring in a corpus of spontaneous speech. Results
show that content words are shortened upon
repetition, with no effects of F0, whereas function
words are generally not affected. In addition, the
results are better explained by taking into account that
word stress affects particular word classes in this
language.
Keywords: Yucatecan Spanish, prominence,
repetition reduction, prosody, word stress.
1. INTRODUCTION
1.1. The prosody of repeated mentions

Some studies have investigated how words that are
repeated in discourse become prosodically reduced
(e.g., [3], [13], [17]). For example, after a speaker
introduces the word table in speech, its subsequent
mention may be less carefully articulated. Several
linguistic factors can have an effect on the prosodic
reduction of words, such as information redundancy
[1] or lexical frequency and probability ([3], [13]).
On the basis of the Smooth Signal Redundancy
Hypothesis (SSRH; [1]), we could expect second
mentions to be more redundant and therefore reduced.
The SSRH posits an inverse relationship between
linguistic and acoustic redundancy. This relationship
is taken to be universal and is conditioned by prosodic
prominence. In particular, [1] tested the hypothesis
for (syllable) duration in English. They suggested that
the hypothesis may be equally applicable to other
prosodic measures such as F0, although the specific
intonation patterns of a language should be taken into
account. Extrapolating these results to words, second
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mentions could thus be shorter and have a lower F0
than first mentions.
Most studies have focused on English (e.g., [5],
[8], [17], [26]), although there is some research on
other languages (e.g., Dutch [22]; Mandarin [29];
Papuan Malay [14]; Thai [28]). Studies have shown
that reduction occurs more frequently within coherent
stretches of discourse, where first and second
mentions refer to the same concept (e.g., [8], [9],
[17]). The most studied acoustic cue is duration; other
acoustic cues are F0, intensity and vowel dispersion.
Reduction in terms of F0 yields contradictory results:
some authors have not found an effect (e.g., [8], [17]
for English), whereas others have, although not in the
same direction (lower F0 values of repeated mentions
for English [12]; higher values of F0 mean in repeated
mentions [14] for Papuan Malay). For vowel
dispersion, vowels of stressed syllables have less
dispersion in second than in first mention words ([5]
for English).
Additionally, most studies have concentrated on
content words and have found that they are shorter
when repeated ([1], [8], [29]). Some researchers have
made a distinction between content and function
words. For English, [3] and [26] found that content
words are more reduced in terms of duration than
function words, whereas [14] did not find this effect
for Papuan Malay.
Given the small number of studies on repetition
reduction that exists for other languages than English,
this paper focuses on Yucatecan Spanish, for which
no such work exists. At the same time, this study
contributes to the understanding of prosody in
Yucatecan Spanish, for which little research exists.
1.2. Yucatecan Spanish

Yucatecan Spanish is spoken alongside Yucatec
Maya in the Yucatán Peninsula, Mexico. Preliminary
work on this variety shows that there might be a
phrase-initial high pitch in contrastive constructions
([10], [27]) and that F0 peak alignment is stable in
broad focus utterances [20]. Additionally, [19]
compared stressed syllables in broad and contrastive
foci and concluded that duration is not an acoustic cue
to focus marking.
A considerable number of works about other
varieties of Spanish exists. The literature discussed
henceforth might therefore only partially apply to

Yucatecan Spanish. In central Mexican Spanish
different focus conditions (e.g., narrow focus,
contrastive focus) present the same types of pitch
accents, but the frequency of occurrence of the latter
differs among conditions [15]; the same pattern is
observed in Peninsular European Spanish ([7]). For
this variety, [21] compared the F0 mean of stressed
syllables in declarative and parenthetic sentences.
Their results show that F0 is lower in parenthetical
information.
Duration and pitch are relevant for word stress,
which is contrastive in Spanish. Stressed syllables are
longer than unstressed ones (e.g., [21]). [25] studied
the acoustic cues to word stress in phrase-medial
position in broad focus (a context with no pitch
accent) and found that duration and intensity, but not
F0, could distinguish most cases of word stress in
production. In isolated words, the main acoustic
correlates of word stress in Spanish are F0, duration,
and amplitude (see, e.g., [18]).
As for word type, content words in Spanish (i.e.,
nouns, verbs, adjectives, adverbs: [6]) bear word
stress; function words, however, can be either
stressed or unstressed. For example, the function
word en ‘in’ is unstressed, whereas un ‘a’ is stressed.
Nevertheless, there are pragmatic contexts in which
an unstressed syllable of both content and function
words can bear stress, namely in narrow and
contrastive focus, under initial emphatic stress, or
under rhythmic stress [11].
1.3. Research questions

The current study researches prosodic reduction of
repeated mentions of both content and function words
in Yucatecan Spanish. Three acoustic measures: raw
word duration, F0 range, and F0 mean are considered.
In line with previous research, we expect repeated
mentions to be shorter than first mentions, both for
content and function words. Furthermore, content
words may show larger differences in duration
between first mention and repetition than function
words, as only the latter might be realized without
word stress.
The SSRH [1] suggests that F0 reduction may also
occur. However, measures of F0 have yielded
contradictory results in studies of prosodic reduction.
Also, several languages present a compressed
F0 range in post-focal positions [30], which could
have an effect in second mentions having a smaller
F0 range. In the case of F0 mean for Spanish, if the
parenthetical information in [21] is interpreted as
redundant and thus subject to more reduction, we
expect that second mentions have a lower F0. On the
other hand, there are no clear-cut differences in F0 to
mark focus in Spanish, which could rule out F0 as a
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relevant cue to repetition, as repeated words often
constitute given information.
2. METHODOLOGY
To investigate repetition reduction in the prosody of
Yucatecan Spanish, an oral interview was carried out
and recorded. The recordings were then annotated
and acoustically analyzed as described below.
2.1. Design and procedure

The recordings took place in the city of Felipe
Carrillo Puerto, Quintana Roo state, Mexico.
Participants were interviewed by two speakers of
Spanish (the first author, a native speaker of
Peninsular European Spanish, and a second-language
speaker). In the interview, participants were asked
questions about culture and language in their region.
The beginning of the interview was selected for the
present study to make sure that first mentions of
words were indeed first mentions in a coherent part of
discourse. Crucially, the general topic of conversation
was the same throughout the selected parts. In some
cases, interviewers briefly questioned the participants
about something that the latter had already introduced
in the discourse. This happened twice to three times
on average per conversation. In the interviews of
three participants, one to two new questions were
introduced.
Recordings (44.1 kHz, 16 bit, wav) were made in
a silent room with an AKG C 544 L head-mounted
microphone connected to a Presonus Audiobox USB.
The average duration of the recordings was
5 minutes.
2.2. Participants

All 10 participants (Mage = 54, age range = 34–72)
were male speakers of Yucatecan Spanish; 5 of them
were bilingual speakers of Yucatec Maya and
Spanish.
2.3. Data selection and acoustic analysis

A native speaker of Yucatecan Spanish
orthographically transcribed the recordings. They
were then automatically aligned with BAS Pipeline
online service [16] and manually corrected by two
labelers in Praat [4]. Further corrections were made
by the first author, a native speaker of Peninsular
European Spanish.
For the analysis, words were excluded when they
contained: hesitations, slips of the tongue,
truncations, false starts, stretches difficult or
impossible to identify, overlapping speech in
dialogue, filled pauses, stretches with background

noise, and proper names. Words whose reduced form
is somehow lexicalized (pa instead of para ‘for’,
to(n)ces instead of entonces ‘then’) were excluded
because the choice of the full/reduced forms may
depend on other factors—such as individual and
stylistic variation—rather than on repetition
reduction. Words in utterance-final position were left
out to control for final lengthening effects. Words that
were introduced by the interviewers and subsequently
used by the participants were not taken into account
in the analysis to avoid any possible influence that
they could have had on the participants’ realizations.
Only first and second mentions were considered;
third or later mentions were excluded. This decision
was taken because few words were repeated more
than twice. Words were further labeled as content or
function words. The final subset consisted of
469 words (121 function words) for which at least
one repetition could be found. Content words had 1 to
5 syllables, whereas function words had 1 to 3
syllables. The number of words per speaker ranged
from 27 to 64. Three acoustic measures of words were
taken following [14]: raw duration, F0 range (the
difference between the maximum F0 and minimum
F0 of a given word), and F0 mean.
2.4. Statistical analysis

Linear mixed model analyses (using Satterthwaite
approximations to degrees of freedom to calculate
p values) were fitted using the lme4 package ([2]) in
R ([24]). A model was fitted for each dependent
variable (duration, F0 range, and F0 mean), with
mention
(first/second)
and
word
type
(function/content) as fixed factors, and with speakers
and items (words) as random factors.
3. RESULTS
Means and standard deviations are presented in
Table 1. For duration, content words were
significantly longer than function words (176.99,
SE = 24.69, t value = 7.17, p value < 0.001). Results
show an interaction effect for word type and mention
(-26.49, SE = 10.43, t value = -2.54, p value < 0.05),
which indicates that content words had a significantly
shorter duration in their second mention than function
words.
For F0 range, second mentions did not show
significantly higher values compared to first
mentions; also, there was no interaction effect for
word type and mention. Content words had a greater
F0 range than function words (6.52, SE = 2.46,
t value = 2.65, p value < 0.01).
As for F0 mean, there were no significant effects
of any of the (interactions of) factors.
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Table 1: Mean (and SD) duration (ms), F0 range
(Hz), and F0 mean (Hz) of first and second
mentioned content and function words.
Measure Word type
Content
Duration
Function
Content
F0 range
Function
Content
F0 mean
Function

1st mention
320.95 (143.80)
161.76 (91.92)
31.87 (20.51)
24.20 (19.84)
114.34 (18.14)
109.72 (17.68)

2nd mention
300.97 (142.87)
168.28 (101.98)
30.14 (20.75)
24.13 (22.62)
115.57 (20.08)
109.19 (16.09)

4. DISCUSSION
In this study, only the duration of content words was
reduced upon repetition. This finding partially
confirms earlier results for other languages.
4.1. Duration

We have shown that upon repetition, content words
have shorter duration. This effect is in line with
studies reported for other languages (e.g., [1], [8],
[28]) and with our predictions. This effect, however,
does not hold for function words. [3] report that the
effect of repetition is larger for content words than for
function words. Nevertheless, in our study function
words are longer in their second mention. This result
is further analyzed in Section 4.3.
Content words were significantly longer than
function words. This result is to be expected as the
former consisted of more syllables than the latter.
4.2. F0 range and F0 mean

Neither F0 range nor F0 mean show significantly
reduced values for second mentions, which indicates
that F0 is not a relevant cue to repetition reduction
processes in Yucatecan Spanish. This result is in line
with research on this variety that indicate that F0 may
not be a cue to mark information status (Section 1.2).
Nevertheless, the role of F0 to mark information
status on Spanish needs further research. Previous
studies for other languages have yielded different
results, either finding no effect of repetition or finding
lower/higher F0 values. Finally, the reduction in
terms of F0 that the SSRH [1] hypothesized is not
found in the data. The results thus corroborate the
idea that (repetition) reduction of F0 is language
dependent [1].
Content words have a greater F0 range than
function words. This result can be explained by the
fact that content words are longer than function words
and stressed in all cases, which allows for a greater
tonal excursion. F0 mean differences between word
classes are not observed. The larger standard

deviation of content words compared to that of
function words may account for this result.
4.3. Post hoc analysis: Stress and function words

In this study, function words are longer upon
repetition, a result that seemed counter to the
reduction hypothesis. Importantly, function words in
Spanish can be either stressed or unstressed.
Therefore, we conducted a post hoc analysis on the
subset of function words for the effect of repetition
and the role of word stress.
4.3.1. Statistical analysis

The subset comprised 12 stressed and 109 unstressed
words subject to repetition. Linear mixed model
analyses were fitted following the procedure
indicated in Section 2.4. A model was fitted for each
dependent variable (duration, F0 range, and
F0 mean), with mention (first/second) and word
stress (stressed/unstressed) as fixed factors, and with
speakers and items (words) as random factors.
4.3.2. Results

Results are given in Table 2. As for duration, there
was an interaction effect for mention and word stress
(55.73, SE = 23.86, t value = 2.33, p value < 0.05),
which indicates that stressed function words have a
significantly longer duration in their second mention.
Stressed function words were significantly longer
than unstressed function ones (108.69, SE = 41.54,
t value = 2.614, p value < 0.05).
Table 2: Mean (and SD) duration (ms), F0 range
(Hz), and F0 mean (Hz) of stressed and unstressed
function words.
Measure Stress
Stressed
Duration
Unstressed
Stressed
F0 range
Unstressed
Stressed
F0 mean
Unstressed

st

1 mention
270.85 (155.87)
149.75 (73.80)
39.3 (23.48)
22.49 (18.75)
118.96 (24.01)
108.67 (16.64)

mentions. Stressed function words are longer in their
second mention, whereas unstressed function words
are not. This seems to explain the duration differences
observed between content and function words in
Section 3. The effect of mention for stressed function
words seems counterintuitive. However, stressed
function words are only 12 instances. For unstressed
function words, of which there is a larger number, no
such effect is observed.
Overall, the acoustic cues showed that it is
important to distinguish stressed and unstressed
function words. The former generally showed larger
acoustic values than the latter in this study.
4.4. Conclusions

This study provides new data about an underresearched variety of Spanish. It also contributes to
cross-linguistic research on repetition reduction. We
have shown that content words are shortened upon
repetition, whereas the same effect is not observed for
function words. Finally, F0 is not a relevant cue to
reduction processes in Yucatecan Spanish, but it is for
word stress, in line with research on Spanish.
F0 range results for content/function words and
stresssed/unstressed function words indicate that not
only duration but also word stress may explain the
differences between the word types. In addition, the
role of word stress, especially within the class of
function words, needs further exploration to assess to
what degree it interferes with phrase-level prosody.
Further research may help clarify whether repetition
reduction in Yucatecan Spanish is in accordance with
previous research on other languages or whether
function words do indeed show a different pattern.
5. ACKNOWLEDGMENTS

nd

2 mention
327.57 (188.33)
150.74 (69.38)
43.67 (36.18)
21.97 (19.70)
118.23 (20.72)
108.2 (15.29)

F0 range results show that stressed words had a
significantly higher F0 range than unstressed ones
(14.04, SE = 6.97, t value = 2.01, p value < 0.05).
There were no significant (interaction) effects. For
F0 mean, there were no significant effects of any of
the (interactions of) factors.
4.3.3. Discussion

The post hoc analysis confirmed the expectation that
stress plays a role in the duration of repeated
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ABSTRACT

lexical stress clash, but a pitch accent clash.
How the RR interacts with the prosodic marking
of focus is still not entirely clear. According to predictions by [7] and findings by [3] there will be no
prominence reversal when the target word is contrastively emphasized.
In German, where shift is possible in phrases
(ánziehen → den Róck anzìehen), compounds
(Báhnhof → Háuptbahnhòf ) and after prefixation
(síchtbar → únsichtbàr) [10, 19, 4], stress shift is
not as regularly used, and is less grammaticalized
than in English [19]. Therefore we expect that German speakers will also make less use of the rhythm
rule in their L2 English.
This study empirically investigates the interplay
of the RR in different focus scenarios. In particular
we ask the following questions:
1. How does the RR operate under (corrective)
focus marking? Does corrective focus accent
override the RR?
2. Do L2 speakers apply the RR? If so, how
do they make use of stress shift in different
information-structural environments?

Speakers of both English and German prefer an alternation of strong and weak syllables. In cases
of stress clash, repair strategies may be employed
to restore alternation (thirtéen → thírteen mén), a
process referred to as the "rhythm rule". It is not
entirely clear how the rhythm rule interacts with
prominences above the lexical level, such as in the
prosodic marking of focus. We investigate how English L1 speakers make use of stress shift in sentences where the target word is either the only corrective focus or followed by a second corrective focus. We find that English L1 speakers often shift
stress even when prominences are not adjacent on
the lexical level. Giving the same stimuli to German learners of English in a second experiment, we
find that L2 speakers shift stress in a wider variety
of prosodic circumstances, but less often overall.
Keywords: Stress clash, rhythm rule, double-focus,
L2 prosody
1. INTRODUCTION
Both German and English speakers have been found
to disprefer stress clashes, which occur when two
lexically stressed syllables are adjacent as in the
prominent phrase thirtéen mén (e.g. [6, 18, 17, 19]).
An alternating pattern can optionally be restored
by shifting stress in thirteen to the initial syllable
(→ thírteen mén) [15, 12]; this process is referred to
as the “rhythm rule” (RR, [12]).
Previous studies have found that decreasing the
prominence of the primary stressed syllable is the
dominant repair strategy in rhythm rule contexts in
English [6, 9, 18], suggesting that a stress shift is actually stress reduction and only perceived as shift by
the changed prominence relation between primary
and secondary stressed syllable. Listeners have often been found to perceive an early prominence even
in sentences without stress clash on the lexical level,
as in Chinese canoes (e.g. [18, 3]). This may be explained by assuming that stress shift is a shift [16] or
deletion [7] of a pitch accent, in order to avoid not a

2. STIMULUS DESIGN
The experimental stimuli were designed to elicit adjacent pitch accents via double-focus environments
(see Ex. 1, capital letters indicate focus expected to
be marked by pitch accent, square brackets indicate
focus). The first focus consisted of a word with secondary stress on the first, and main stress on the last
syllable. The second focus had lexical stress on the
first syllable in the clash condition, resulting in a
stress clash on the lexical level, and on the second
syllable in the no clash condition, i.e. with an unaccented syllable between the two potential pitch accents. In addition to the double-focus conditions,
two single focus conditions were tested (S-Foc and
given). Both conditions include a stress clash on the
lexical level, but in S-Foc (= "single focus") the target word is focused and the following word given;
while in given, the target word is given and the following word focused.
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(1)

the judgment task. Intra- and inter-annotator agreement were determined using Fleiss’ Kappa [5]. All
annotators had substantial to almost perfect agreement within their own ratings; inter-annotator agreement was moderate (κ=0.49; cf. [11]). We considered stress to be shifted when at least 4 out of the
6 listener judgments marked main stress on the first
syllable. In 4.5% of cases neither shift nor no shift
could be determined. We removed these cases from
the analysis when 4 out of 6 judgments agreed on
equal prominence.

Did Anna say that she met an Indian programmer?

No, she said that she met. . .
clash . . . [a JapaNESE][ARchitect].
no clash . . . [a JapaNESE] [acCOUNtant].
S-Foc . . . [a JapaNESE] programmer.
Did Anna say that she met a Japanese programmer?

No, she said that she met. . .

3.4. Pitch-accent annotation

given . . . a Japanese [ARchitect].

In order to understand the interaction of stress clash,
stress shift and pitch accent placement, the annotators judged the presence of pitch accents, operationalized as whether they perceived the words involved in the RR as prominent or not. All tokens
were played without the respective context question, and in randomized order. Each recording was
played three times in the course of the annotation
task. Intra-annotator agreement was substantial to
almost perfect, and inter-annotator agreement was
moderate (κ=0.62). We considered a constituent to
be pitch accented when a prominence was perceived
at least 4 times, i.e. by at least two annotators.

3. L1 ENGLISH SPEAKERS
3.1. Participants

Sixteen (12 women) Australian English speakers
(henceforth L1 speakers) participated in the experiment. Their mean age was 27.38 (range: 19 to 36).
3.2. Procedure

Twenty sentences per condition were distributed
over 4 lists using a Latin Square Design. The
experimental sentences in each list were pseudorandomized and interspersed with 20 sentences for
an experiment with a similar design (not presented
here) and 100 filler items. The context questions
for each question-answer pair had been previously
recorded spoken by a native speaker of Australian
English who was instructed to read the questions
in a neutral and natural way. The mini-dialogues
were presented on a screen, preceded by a context
story designed to make the question-answer pairs
more plausible. Participants were instructed to first
silently read the dialogue, listen to the context question and then to produce the answer. After the dialogues, the participants read a list containing the target words in isolation interspersed with filler words
with various stress patterns. Thus 320 target sentences and 320 isolated words were recorded. 3 sentences were excluded due to hesitations and verbal
errors so that 317 sentences were analysed.

3.5. Statistical analyses

Statistical analyses were performed in R 3.5.0 [13],
using the function glmer from package lme4 [2].
To investigate the relationship between stress shift
and the four conditions, we performed a generalized linear mixed effects analysis using the logit link
function, with stress shift as the dependent variable,
condition as a fixed factor, and random intercepts
for subjects and for items. To investigate the correlation between stress shift and pitch accent placement, a second analysis was performed on a subset
of the data comprising the two double-focus conditions (clash and no clash) using the presence of two
pitch accents as dependent variable, with an interaction between condition and stress shift as a fixed
factor, and random intercepts for subjects and items.
3.6. Results

3.3. Stress-shift annotation

In condition clash, where two focus-marking pitch
accents are on directly adjacent syllables, stress
was shifted in 75% of the cases. In condition no
clash, stress was also shifted in the majority of cases
(68%), even though the two foci were in this case
separated by one syllable, i.e. there was no stress
clash on the lexical level. The two double-focus

Three phonetically trained listeners (two German
speakers and one American English speaker, two of
them among the authors) listened to the target words
(removed from context) and the words produced in
isolation, and judged the location of the main stress;
each recording was presented twice in the course of
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students of English, ten of them within a degree programme leading to secondary teacher accreditation.
According to their own judgment, they were proficient to highly proficient in writing, reading, speaking and listening to English.

Table 1: stress shifted words in % by condition in
English L1

stress shift no stress shift
clash
75%
25%
no clash
68%
32%
S-Foc
23%
77%
given
90%
10%
word in isolation
16%
84%
conditions were not significantly different (β =-0.42,
SE=0.38, p=.27). Stress was shifted even more often (89%, β =1.22, SE=0.48, p<.05) when the target word was given and the following word focused
(given). Stress was not shifted in 77% of cases when
the target word was focused and the following word
given (S-Foc) (β =-2.68, SE= 0.41, p<.0001), and in
84% of the cases when the word was produced in
isolation (β = -3.19, SE= 0.35 p<.0001)
Looking at the interaction between stress shift and
pitch accent placement in the double-focus conditions, we found that while shifting stress tendentially increases the probability for the presence of
two pitch accents from 69 % to 91% (estimated) in
condition clash (β = 1.54, SE= 0.81 p=.06), it decreases it in condition no clash from 90% to 75%
(β = -2.66, SE= 1.09 p<.05). See Figure 1.

4.2. Procedure and analyses

Data elicitation, annotations and statistical analyses
followed the same procedure as in the L1 experiment
described 3.2 to 3.5, except that the context questions were produced by an American English native
speaker. Concerning the judgment of stress shift, annotators of the L2 data agreed with themselves substantially to almost perfectly, and moderately with
each other (κ=0.59). In 4.2% of target words both
syllables were rated as having equal stress. We removed these cases from the statistical analysis when
at least 4 ratings agreed on this. For the pitch
accent annotation, intra-annotator-agreements were
substantial to almost perfect, and inter-annotator
agreement was substantial (κ=0.70). Nine cases
were excluded due to hesitations and verbal errors.
4.3. Results

We found that among the items, three (home-grown,
hotel, Hong Kong) were frequently (>50%) realized
with initial stress when read in isolation. Since
we cannot exclude the possibility that this is due
to learners’ misperception of the stress pattern, we
removed all sentences containing these items (accounting for 15% of the data) from the analysis.
Like the L1 group, the L2 speakers mostly (78%)
did not shift stress when the target word was uttered
in isolation, and shifted stress in the majority of the
given cases, where the target word is given (67%).
In the double-focus conditions (clash and no clash),
L2 speakers shifted stress in about 50% of the cases.
The difference in metrical context between the conditions did not affect the probability of stress shift
(β =0.19, SE=0.40, p=.65). Overall, the L2 speakers shifted stress considerably less often across the
double-focus conditions compared to the L1 speakers. When the target word was focused and the following word was given (S-Foc), L2 speakers also
often shifted stress (43% of cases), which is not significantly different from the double-focus conditions
(β =-0.35, SE=0.41, p=.38). This is unlike the English L1 speakers, who mostly did not shift stress
in this condition. There was no interaction between
stress shift and pitch accenting: neither stress shift
nor condition (clash, no clash) affected pitch accenting in the double-focus conditions. L2 speakers realized both focus accents in 73% of the clash cases

probability for two prominences

Figure 1: The propability for two pitch accents by
condition and stress shift in the English L1 data

0.75

stress shift

0.50

no shift
shift

0.25

0.00
clash

no clash

4. GERMAN LEARNERS OF ENGLISH
4.1. Participants

Sixteen (14 women) German learners of English
(henceforth L2 speakers) participated in the experiment. Their mean age was 23.25 (range: 19-28).
All L2 speakers have been learning English as a foreign language for at least 7 years. 14 speakers were
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Regarding our second research question, we find
that L2 speakers do make use of stress shift, albeit less often than L1 speakers, as expected given
that the RR is not used as regularly in German
[19]. Differences in RR application could also result from a difference in phrasing compared to L1
speakers, since L2 speakers have been found to produce shorter intonation phrases [8]. A phrase break
between the two foci would lead to less shifting
since the target word would be the last accent in the
phrase, and the RR only operates within a prosodic
phrase [12]. Another explanation may lie in the nature of non-native speech: Tilsen [17] found that repair strategies in stress clash contexts are more often used in read and prepared speech than in spontaneous speech. Given the greater cognitive load for
non-native speakers, L2 speech may be comparable
to less prepared speech, and therefore less prone to
rhythmic adjustments.
An additional difference between our L1 and L2
speakers is that L2 speakers frequently shifted stress
when the following word was given and deaccented
(Indian programmer? No, JApanese programmer!)
—corrective focus did not override the RR even
though it was the last accent of the phrase. It is
possible that some L2 speakers overgeneralize the
RR to contexts in which a weak-strong asymmetry
of prominences is not given. Overgeneralization of
accent rules by L2 speakers has been found by various studies (cf. [14]). Non-native speakers have also
been found to differentiate less between accented
and unstressed syllables (cf. [1]). If this was the
case in our study, the given word may have triggered
stress shift due to its unreduced form.

and in 80% of the no clash cases.
Table 2: Stress shifted words in % by condition in
English L2

clash
no clash
S-Foc
given
word in isolation

stress shift
49%
52%
43%
67%
22%

no stress shift
51 %
48%
57%
33%
78%

5. DISCUSSION
Both L1 and L2 speakers in this study often shift
stress not only when corrective focus accents are located on directly adjacent syllables, but also when
the corrective focus accents are separated by one syllable, similar to findings by [18] and [3]. This suggests that stress shift is not only triggered by adjacent lexical stresses, but also by prominences on a
higher level in the prosodic hierarchy such as pitch
accents used for focus marking. In the single focus
conditions, we found that L1 speakers hardly ever
shift stress when the target word is focused and the
following word is given (S-Foc). Concerning our
research question whether a corrective focus accent
overrides the rhythm rule, we can therefore say that
it does override the RR when it is the last accent
in the phrase, and that it does not when it is followed by another pitch-accented syllable. It seems
that a weak-strong asymmetry of prominences is indeed necessary in order to trigger stress shift, as is
also the case in given, while in S-Foc, the weaker
prominence in the postnuclear word is not able to
trigger the stronger prominence to shift (cf. [15]). It
is, however, possible that initial stress in the given
context was primed by the stress pattern used in the
context question.
For L1 speakers, there is a correlation between
stress shift and pitch accent placement: if stress is
shifted, we more often find two prominences in the
clash condition, whereas if stress is not shifted, we
find more instances where the pitch accent on the
first focused word is omitted. This suggests that alternation preferences can interact with the prosodic
marking of focus such that pitch accents are not realized in order to avoid a clash. This result, however, barely achieves significance and the proposal
needs further testing. As to why the correlation of
pitch accent placement and stress shift goes in the
other direction in the no clash condition where the
adjacent pitch accents are separated by one syllable,
we have no explanation so far. A more fine-grained
analysis of the realized pitch accents may be needed
to draw further conclusions.

6. CONCLUSION
This study investigated the application of the RR under corrective focus marking in L1 and L2 English.
We found that the RR also operates under corrective
focus marking when the word is followed by another
prominent word even when there is no stress clash of
lexically stressed syllables. We take this as evidence
that stress shift is not only triggered by adjacency
of lexical stresses, but also by pitch accent clashes.
While L1 speakers do not shift stress when the target word is focused and the following word is given,
L2 speakers were found to frequently shift stress in
this context, suggesting an overgeneralization of the
optional rule.
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speech in general, and how do they interact? Although there is an abundant literature discussing this
problem, we can reasonably assume that fo is largely
controlled by intrinsic and extrinsic laryngeal muscular adjustments and that the main contribution of
Ps to fo is to raise the baseline in function of the intensity of speech. The higher the Ps and intensity,
which are directly correlated, the higher the baseline
will be [2]. During speech, Ps shows a relatively
constant and slightly decreasing value between an
initial rising phase and a final falling phase. In addition, there are modulations of Ps that are due to
changes in the glottal or oral resistance and due to
stress phenomena. One question arising from this is:
how is the relatively constant Ps achieved despite the
continuously decreasing lung volume? During normal exhalation, there is a mechanical elastic recoil
force at play. This originates from the rib cage and
the lungs. The deeper the inspiration, the greater the
elastic recoil. Along with these mechanical factors,
exhaling is often prolonged during speech by the action of abdominal and internal intercostal muscles.
Therefore claims such as those made by Hart et al.
[4] that a serious candidate for explaining the declination of fo of an utterance is the slow decrease of
Ps over the time course seem to be debatable. However they admit that several additional mechanisms
effecting declination are conceivable.

ABSTRACT
An important issue in speech production is to understand the relation between subglottal pressure (Ps),
fundamental frequency (fo ) and stress. Attempts
have been made to identify the contribution of Ps
and fo on stress. An important point is to determine
whether stress is realised by an increase in Ps (therefore intensity) and its effect on fo . Thus it is important to know whether fo variations on stress are voluntary and programmed or not. This paper addresses
this issue by studying fo and Ps in a set of English
sentences produced by 1 native English speaker. Ps
and speech were recorded simultaneously and Ps was
measured by direct tracheal puncture. Results show
that in declarative sentences there is an increase of Ps
on stress accompanied by a fall of fo . Interrogative
sentences have an increase of Ps on stressed syllables
with a lower and slightly falling fo .
Keywords: stress, intonation, subglottal pressure,
fundamental frequency, physiology.
1. INTRODUCTION
In speech sentences one important global attribute
is the tendency of fundamental frequency (fo ) to
decline gradually from the beginning to the end,
this phenomenon is usually referred to as declination. One important question related to declination
is to know if it is the result of voluntary fo changes
or physiologically determined therefore involuntary
fluctuations. Ohala [8] mentions that the cause of
declination remains an unresolved issue. Hart et al.
[4] mentioned the perceptual relevance of declination and notably the fact that it might be linguistically
relevant. These authors emphasise that declination is
not necessarily the product of voluntary control since
the outcome of involuntary mechanisms can also result in linguistic information.
This issue is central to the understanding of the relation between subglottal (Ps) pressure and fo , particularly in intonational phenomena. What is the
contribution of Ps to fo at sentences level and in

In regard to stress, an important question is: does
respiration have an active role in the production of
stressed syllables? Ladefoged [7] showed the positive role of respiration in the implementation of
stress. It was demonstrated that for every stressed
syllable there is an increase in Ps. This means that
the increase of Ps occurring with stress is mainly due
to changes in activity of the respiratory muscles.
This paper tries to contribute to the identification
of the possible physiological mechanisms responsible for declination and to the explanation of interplay between Ps and fo in stress phenomena. We examined the production of a set of English sentences
where both intonation and stress position were varied to bring out the relation between fo and Ps.
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tional microphone positioned at a stable distance of
4 cm from the rubber mask. The Ps and Po tubes, the
Oaf mask, and the microphone were connected to the
Physiologia workstation; a multi-parameter data acquisition system allowing simultaneous recording of
the speech signal and various aerodynamic parameters. The data acquisition and signal processing were
handled with Phonedit. fo values are computed using Praat pitch detection algorithm.

2. MATERIAL AND METHOD
Data consisted in a set of 36 sentences that were
recorded with one native English subject who repeated each of the selected sentences 3 times (Table
1). Groups 1/4 and 2/3 consist of respectively 3 and
4 target words by varying the carrier sentence ”say
... again” / ”repeat ... twice” which result in respectively 6 and 8 sentences. Group 5 contains 4 pairs of
declarative / interrogative sentences which differ by
the position of stressed syllable (in bold).

3. RESULTS

Table 1: 5 groups of recorded sentences.

All three repetitions of each sentence were superimposed in the same graphic, as the following figure
suggests, both fo and Ps values and their variation
are relatively consistant throughout repetitions (Figure 1). Each fo segment corresponds to the voiced
part of the sentence, the falling of fo value within
each segment is remarkable, and all results confirm
that each stress syllable has a notable increase of Ps.
The first derivative of each repetition was then computed by taking a time step of 10 ms (Figure 2)

Group 1
1/5. (say / repeat) pit (again / twice).
2/6. (say / repeat) pity (again / twice).
3/7. (say / repeat) pitying (again / twice).
4/8. (say / repeat) pityingly (again / twice).
Group 2
9/12. (say / repeat) play (again / twice).
10/13. (say / repeat) playful (again / twice).
11/14. (say / repeat) playfully (again / twice).
Group 3
15/18. (say / repeat) photo (again / twice).
16/19. (say / repeat) photographer (again / twice).
17/20. (say / repeat) photographic (again / twice).
Group 4
21/25. (say / repeat) man (again / twice).
22/26. (say / repeat) manage (again / twice).
23/27. (say / repeat) managerial (again / twice).
24/28. (say / repeat) jeer (again / twice).
Group 5
29./33. Jenny’s pie is pretty.
30./34. Jenny’s pie is pretty?
31./35. Jenny’s pie is pretty.
32./36. Jenny’s pie is pretty?

Figure 1: Variation of fo and Ps of sentence 2.
(group 1)

Subglottal pressure (Ps), intraoral pressure (Po),
oral airflow (Oaf) and the acoustic signal were
recorded synchronously. Ps was measured by tracheal puncture using a needle inserted in under the
cricoid cartilage. The recording procedure preserved
the rights and welfare of human research subjects, in
respect of the ethical committee’s rules at the Erasme
Hospital, Université Libre de Bruxelles. The needle placement was made after administering 2% Xylocaine injection for local anaesthesia. A plastic
tube linked to a pressure transducer was connected
to the needle. Po measurements were obtained using a small tube inserted into the oropharynx through
the nasal cavity. Oaf data were collected with a rubber mask placed over speakers’ mouth. The acoustic signal was recorded with an AKG C 419 direc-

The first derivative shows the variation of fo and
Ps. Each positive-negative pic of the derivative of
fo corresponds to the limit of voiced segment of the
speech. A clear initial rise and final fall can also be
located using the first derivative, both the end of the
final fall and the start of the initial rise correspond to
the first and the last zero-crossing of the derivative
of Ps.
The rapid falling fo segment (between each posi-
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ways a rapid falling pattern, in interrogative sentences it is shorter and more flat.

Figure 2: First derivative of fo and Ps of sentence
2 (group 1)

Figure 4: Variation of fo an Ps of sentence 30
(group 5)

tive and negative pic) corresponds to an increase of
Ps, and it is prominent for stressed syllable.
Figure 5: Variation of fo an Ps of sentence 34
(group 5)

Figure 3: Variation of fo and Ps of sentence 17
(group 3)

The comparison of the first derivative (figure 6
and 7) shows that, although the fo pattern at the end
of the sentence is completely different (falling for
declarative and rising for interrogative), the variations of Ps are nearly the same for these two modality, suggesting that fo is controlled independently of

3.1. Declarative vs. Interrogative

The comparison of figures 4 and 5 show the differences between declarative and interrogative sentences, whereas fo in declarative sentences have al-
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and fo rise in interrogative sentences.
The literature generally assumes that the question
of the phonetic correlates of stress is an intricate one
[6]. For example, the interpretation of the physiological and acoustic correlates of stress is difficult to
interpret because of the ambiguous role of intensity
in the perception of stress [6]. Even if modulations
of fo are largely due to adjustments of the intrinsic
and extrinsic laryngeal musculature, Ps is one of the
factors that influences the rate of vocal fold vibration
and therefore some aspects of stress are connected
with frequency. An increased Ps automatically triggers an increased rate of fo affecting the baseline of
an utterance. How are these variables controlled remains largely unknown.
Results of the experiments presented in this paper
show that in addition of Ps rise accompanying stress
there is complex pattern of fo. In a declarative sentence stresse on fo generally shows a falling pattern
as displayed in Figures 1, 3 and 4. The level from
which this fall starts is generally higher on stressed
syllables confirming that there is an effect of Ps on fo
on stressed syllables. However, an important point
is to note that the comparison between declarative
and interrogatives sentences displaying the same lexical material shows that fo on stressed syllables can
be very different. In the sentences compared in Figure 4 and 5 the initial syllables are stressed as they
show an increase in Ps. However fo is falling as expected in the declarative sentence while it is flat and
low at the start of the interrogative sentence. Thus
a stressed syllable can either show a falling fo or a
flat fo depending on the type of sentence. This suggests that, even if there is a small influence of Ps on
the rate of vocal folds vibrations, fo has a different
control from Ps.
Claims such as those made by [1] that the fo falls
over the course of an utterance because Ps also declines are not confirmed in our data. Even if at times
there are some parallel movements between fo and
Ps contours, the latter remains largely independent
of fo. Figure 3 show a clear example of a flat Ps prolonged over three syllables suggesting that speaker
deliberately maintains this level to realise a suite
of stressed syllables where fo displays the expected
falling pattern on each syllable.
The fact that Ps and fo have a different control
might be a consequence arising from spinal innervation of the respiratory muscles, starting from the
region of the cranial nerves 3, 4, 5 and going to
the region of lumbar nerve 1 [5] while muscles controlling the laryngeal musculature are only cranial
nerves (mainly the cranial nerve 10 the vagus nerve).
This has to be explored in future research with more

Ps.
Figure 6: First derivative of fo an Ps of sentence
30 (group 5)

Figure 7: First derivative of fo an Ps of sentence
34 (group 5)

4. DISCUSSION
The first point to mention is that our data confirm
previous works done by [3] and [7] about the contribution of Ps to stress. The data also show clear
examples of fo declination on declarative sentences
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subjects.
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ABSTRACT
We argue that in order to present a physically and
psychologically realistic description of lexical and
phrasal stress in English, it is necessary (and
sufficient) to distinguish three levels of syllable
prominence, while a fourth, unstressed type of
syllable may only contain a “weak” vowel. We test
our hypothesis empirically by analysing a rich
selection of units (polysyllabic words, compounds,
and fixed phrases displaying complex prosodic
patterns) extracted from a large corpus of recorded
samples of British and American English. We aim to
to develop a parsimonious model of English stress
consistent with our observations. We also propose a
principled system of stress marking for multifarious
applications, including pronouncing dictionaries.
Keywords: stress, levels of prominence, English,
prosody, phonetics.
1. INTRODUCTION
1.1. Traditional approaches: stress as a multi-valued
feature

Early approaches to stress disregarded its complex
prosodic nature and reduced it to a purely physical
attribute (respiratory activity producing varying
degrees of loudness). Stress was typically equalled
with “the comparative force with which the separate
syllables of a sound-group are pronounced” [14] or
with “intensity or loudness” consisting in “greater
amplitude of sound-waves” and resulting from more
“energetic” respiratory and articulatory activity [2].
Trager and Smith [15] separated stress from
intonation, claiming that accent equals loudness while
intonation equals pitch and that in a phonological
analysis, an utterance may be stripped of pitch
phonemes and junctures, leaving all the stresses
intact. Like Chomsky and Halle (SPE, [3]) almost two
decades later, they suggested that multiple levels of
stress must be distinguished for an accurate analysis.
In the SPE model, stress was a multi-valued feature
assigned to vowels in abstract representations by
phonological rules; the physical realisation of stress
levels was of secondary importance; a speaker who
had internalised the rules in question would recover

2509

an abstract stress pattern even on the basis of
imperfect phonetic cues. Such approaches met with
criticism from those reluctant to posit fine distinctions
along a dimension that could be studied “using no
analytical technique other than the linguist’s listening
to himself saying various test utterances” [1].
1.2. Binary representations of stress

For practical purposes, a “binary” representation of
stress often seems sufficient. It is favoured by many
phoneticians [10] and by some of the major
pronouncing dictionaries [8, 18]. Only one or two
degrees of stress are treated as relevant. In
transcribing them, marks for primary (tonic) stress
and secondary stress are used, and the following
assumptions are made:
 a syllable is either stressed or unstressed,
 lexical items may be multiple-stressed, in
which case one and only one of the stressed
syllables receives a primary stress (ˈ), while
other stressed syllables (if any) receive
secondary stresses (ˌ),
 primary stress is an accentual overlay upon
secondary stress,
 syllables that are not reduced and contain full
vowels may nevertheless remain unstressed.
Thus, for example, according to the conventions used
in [18] we have stress patterns like the following:
(1) ˌanaesˌthesiˈology
(2) conˌciliˈation
(3) ˌreconciliˈation
Note the inconsistencies: the secondary stress of
conciliation (itself reflecting the primary stress of
conciliate) is no longer marked when the prefix re- is
added, though (1) shows that there may be two or
even more secondary stressed preceding the primary
one. The /ɪ/ in the fourth syllable of reconciliation
exhibits no evidence of phonetic reduction. It is hard
to see why a transcriber should treat (1) and (3)
differently. Also the current IPA chart [IPA] provides
only two stress marks, as described above.
1.3. Metrical phonology: stress as a strength relation
between prosodic units

Early analyses of stress were based on observations
of acoustic phenomena – usually non-instrumental
and impressionistic. In the mid-1970s, studies of

stress relied more on formal models than phonetic
observables. Metrical phonology developed the
formalism of metrical trees [11, 6, 7], abandoning the
“linear” analysis of stress as a multi-valued feature
assigned to prominence-bearing segments (mostly
vowels). Stress was redefined as a contrast between
“strong” and “weak” prosodic units in a hierarchy of
inclusion (syllable ⸦ metrical foot ⸦ phonological
word ⸦ intonational phrase). The grid notation [11,
13, 5] represents levels of prominence as different
heights of grid columns, but this is an accidental
feature of the theoretical model; grid height has no
inherent phonetic realisation. The fully mature
versions of the metrical theory of stress, as in [7, 16],
have produced representations employed in lexical
phonology, optimality theory, and other areas of
phonological research. Metrical phonology has
developed into a sophisticated theory which captures
important generalizations about the diverse stress
systems of the world’s languages, makes it possible
to build a complete typology of such systems, and
characterizes them in terms of a parametric model.
Nevertheless, some aspects of the notion of stress
remain controversial. In particular, the units routinely
employed in metrical phonology are often defined
with little regard to direct empirical evidence.
Different phonologists have mutually incompatible
views on fundamental issues like syllable structure
and foot boundaries, and even on the reality of some
of the units involved. Predictions concerning the
phonetic realisation of prosodic prominence (i.e. the
acoustic correlates of stress and of its discrete levels)
do not follow naturally from the formal models.
1.4 The aim of the present study

The objectives of our research include the empirical
investigation of the acoustic properties of stress with
a view to resolving the issue if there is empirical
support for the existence of different levels of stress
and if their number is constrained. In a way, we want
to step back from models overburdened with
theoretical apparatus to fundamental questions. What
we are seeking is a phonological representation
driven primarily by observable and measurable
empirical evidence. We hope that the impact of the
findings will not be restricted to studies of English
stress.
2. CORPUS AND METHODS
We have compiled an electronic corpus of
approximately 140,000 lexical items comparable in
size and structure to the sets of entries featured in such
existing corpora as CELEX, Corpus of Contemporary
American English, British National Corpus,
Longman Pronouncing Dictionary, Cambridge
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Pronouncing Dictionary, CMU Pronouncing
Dictionary, etc. Every item of the corpus is assigned
a phonetic transcription according to the principles
worked out by the authors of the project, separately
for Standard British English and General American
English. Apart from single-word entries, there are
additionally about 8,000 complex compounds and
phrases. What we are especially interested in are long
words and multi-word units that may be expected to
show maximally complicated stress patterns.
2.1 Acoustic data and its analysis

Items of interest are searched for with the use of
search engines available at the audio archives of
Internet radio sites such as the National Public Radio
(US) and the BBC (UK). The use of corpora of
spontaneously produced live English for an acoustic
analysis guarantees that the material is “ecologically
valid” in comparison with laboratory recordings. The
quality of MP3 files available from the Internet
sources in question (with a compression of 128 kbps
at the frequency of 44,100 Hz) is more than sufficient
to carry out acoustic analysis with the help of Praat.
Similar quality files have been used in various
acoustic researches of stress-related phenomena. As
we are interested in relative changes of pitch,
amplitude, duration etc. within individual items in
order to detect statistically significant differences
between degrees of stress (if any), speaker-tospeakers differences should not have any impact on
the credibility of the results.
The items for which recordings are available are
subjected to detailed acoustic analysis. Its primary
goal is to identify systematically occurring correlates
of distinct degrees of non-primary stress in order to
establish whether these correlates are sufficiently
robust to justify positing multiple levels of stress in
naturally spoken English.
2.2 Preliminary findings

Our preliminary results suggest that four
distinguishable levels of prominence are both
necessary and sufficient for a realistic description of
our data. We use the following numerical
representation of prominence levels: 1 – primary
stress; 2 – secondary stress; 3 – tertiary stress; 4 – no
stress. The corresponding stress marks are
respectively as follows: [ʹ], [ˈ], [ˌ], none, as in
documentary evidence [ˈdɒk.jəˌmen.tᵊr.i ʹev.ɨ.dənᵗs]
(UK transcription), the stress contour being
24344144 in our notation. It should be noted that level
2 as phonetically distinct from level 3 occurs only
pretonically (before the primary stress of a phrase).
Levels 1 and 2 are characterised primarily by their
tonal prominence and clearly connected with the
structure of intonational phrases rather than

individual words (see below). Level 3 is distinguished
from level 4 by its strong vocalism (stable formant
structure) and greater duration (the latter, however, is
neutralised word-finally).
We provisionally use the numerical representation
of stress contours, as well as the corresponding
transcription, for all the items in our database. This
allows us to sort our items according to the type of
contour they represent and to collect exhaustive sets
of examples illustrating any possible stress pattern.
3. CRITICAL STRESS PATTERNS
We focus on selected phenomena that throw light on
the nature of prominence levels. Here we present two
of them.
3.1 Iambic reversal

Iambic reversal in English is defined as a
leftward shift of the primary stress in a
word followed, within the same prosodic
unit, by another, more strongly stressed
word. The primary stress may only
retract to a syllable carrying a secondary
stress. In the usual notation, ˌthirˈteen
becomesˈthirˌteen in ˈthirˌteen ˈmen to
avoid a “stress clash”. Metrical
phonology defines stress clash as noneurhythmic adjacency of “strong” units
on the same tier of metrical structure.
Iambic reversal is thus modelled as a rule
of rhythmic repair reversing the strength
values of sister nodes (at foot level) in a metrical tree:
(w s) → (s w). Alternatively, the top grid mark of a
column is shifted to another column on the left. In
either case, there is an actual movement of an
originally assigned primary stress during the
derivation of a phrasal stress pattern.
There is, however, no observable difference
between the prominence contours of thirteen men (if
pronounced in isolation) and chimpanzee. Since in the
latter example the reinforcement of the initial syllable
merely demarcates the initial boundary of a unit, there
is no reason to treat the first syllable of thirteen men
differently.
In order to reduce the possible interference of
vowel-quality contrasts with the acoustic correlates of
stress, we focus on polysyllabic words with at least
one non-primary stress, in which the stressed
syllables contain the same vowel phoneme, e.g. /æ/ in
acrobatic or charismatic. Figure 1 shows the pitch
contours for three out of ten occurrences of
transatlantic in phrases such as transatlantic flight in
out database.
The first example is exceptional in that both
prosodic feet display nearly identical pitch
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trajectories. We interpret it as a marked, emphatic
pronunciation with extra prominence given to all
stressed syllables. The other two examples illustrate
what we consistently observe in the vast majority of
cases: a more dynamic pitch movement and a greater
peak–valley distance in the first foot. It is remarkable
that the domain over which the pitch movement is
realised is the whole foot, not just the stressed
syllable, and that what counts is not the height of the
pitch but its dynamics across the foot domain (a
phenomenon still incompletely understood, see [17]).
If the first syllable carries a low rising head tone, the
rise peaks on the second, unstressed syllable, and may
even drop sharply at the right boundary of the foot.
Figure 1. Pitch trajectories in three realisations of
transatlantic in the environment of “iambic reversal”.

We conclude that no real “reversal” takes place
here. In a normal intonational phrase, no primary
stress is realised phonetically in words that would
display it when pronounced in isolation, except in the
word aligned with the nuclear tone of the phrase. All
other stresses are in principle equal (level 3), but since
English intonational phrases with multiple stresses
involve head tones, such a tone docks onto a stressed
syllable near the left edge of the phrase, raising its
prominence to level 2. In most cases it is the first
stressed syllable of a word, though pretonic slopes of
prominence decreasing over a span of three syllables
(234) are avoided in English. Therefore, the head tone
may be exceptionally realised on the second of two
consecutive stressed syllable in such cases, as in
ambiguous remarks (3244 41). In traditional
parlance, iambic reversal fails in a phrase like this.
3.2 Posttonic Stress

There is much inconsistency in the marking of
posttonic (post-primary) stresses by phoneticians.
Note the following examples, taken from [18] (the
conventions of [8] are also somewhat inconsistent,
but at the same time slightly different from those of
[18]):

(4)
(5)
(6)
(7)
(8)
(9)

ˈsteamˌroll
(10) ˈword count
ˈson-in-ˌlaw
(11) ˈword ˌorder
ˈcompound
(12) ˈalligator
ˈhesitate
(13) ˈarchˌangel
ˈbusinessman
(14) ˈcucumber
ˈspelling pronunciˌation

The general rule in is that a final syllable with a
strong vowel is not regarded as stressed (6, 7, 8, 10),
but transparent compounds (4, 5) may be arbitrarily
exempted. A posttonic strong-vowel syllable
followed by a weak one is generally marked as
stressed in compounds (11) and prefixations (13) but
not elsewhere (12, 14). Some cases (9) require special
handling.
We were interested in finding any systematic
difference between compounds and simplex words in
terms of pitch dynamics, duration or amplitude. No
difference was found. The final or non-final position
of a strong-vowel syllable turned out to be irrelevant
in “minimal pairs” like eyelash : eyelashes. We
therefore assign level 3 prominence to any strongvowel syllables following a primary stress. Thus,
cucumber, word order and archangel all represent a
134 stress contour, while steamroll, compound and
word count are all 13.
4. DISCUSSION
Our analyses show that the derivation of stress
contours from metrical trees or grids is superfluous.
In English, the presence of stress manifests itself as
strong vocalism. A lexical primary stress is realised
as a characteristic pitch trajectory only when aligned
with the nucleus of an intonational phrase. Although
its location depends to some extent on the segmental
structure of the word (the count of syllables and their
weight) and on morpholexical factors (lexical class
membership, derivational history), idiosyncratic
exceptions and conflicting tendencies make English
stress unpredictable (or at least not fully predictable),
therefore “phonemic”.
The same is true of non-primary stresses. In many
cases their location can be predicted, being
redundantly assigned by a default rule of iterative foot
construction, but (especially in rare words and in
many derivational morphemes) strong vowels appear
in positions not favoured by rhythmic preferences.
Cyclic effects (strong vocalism reflecting a stressed
vowel of the derivational base) may also clash with
the rhythm, and the conflict may be resolved in
different ways, as in eʹlectric → eˌlecʹtricity (cyclic)
or ˈe (ˌ)lecʹtricity (rhythmic).
Level 3 prominence is largely encoded in lexical
representations as a “strong” vowel whose distinctive
features must be fully articulated. One vowel per
word is lexically designated as a potential docking
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site for the nuclear tone of an intonational phrase,
manifesting itself as level 1 prominence if the word is
pronounced in isolation and therefore constitutes an
utterance on its own. Level 2 prominence may result
from the attachment of a boundary tone to strong
syllables near the left edge of an intonational phrase.
When a word is pronounced in isolation, this
“secondary” stress is realised phonetically. We
emphasise the fact that it does not result from any
transformations of an abstract metrical structure. All
surface prominence above level 3 in English results
from the interplay between full vocalism and
intonational factors. “Word stress” is in fact phrasal
stress reduced to a restricted domain – an utterance
consisting of a single word.
In connection with postulating different levels of
prominence in English, we have observed a
phenomenon overlooked in other studies taking a
similar approach (see the analysis of German
prominence and intonation in [9]): the important role
of the foot as the domain across which contrastive
tonal features are distributed. Weak syllables play a
crucial role in the realisation and recognition of
salient prominence cues spreading from a preceding
stressed syllable. At any rate, we find it to be true of
English but do not rule out the possiblity that in other
languages the relevant tonal cues may be more
localised, i.e. confined to stressed syllables.
5. CONCLUSIONS
In principle, since level 2 prominence is not
“phonemic” and does not have to be lexically
specified, it could be left undistinguished from level
3. On the other hand, it differs acoustically from both
level 1 and level 3, and it is not always immediately
obvious when it can be assigned to a pretonic strong
syllable. Furthermore, there is a difference between
levels 2 and 3 with regard to phonological processes
such as optional destressing (as in the middle syllable
of BBC). For these reasons, we recommend that level
2 be marked in pronouncing dictionaries, if only to
help foreign learners to develop a native-like prosodic
competence. It is often claimed that the failure to
“apply iambic reversal” – or, in our view, to place the
head tone in its correct position – results in an
unnatural pronunciation. Thus, in our database, both
a word such as chimpanzee [ˈʧɪmˌpænʹzi] and a
phrase like Chinese room have a 231 stress contour,
All other levels of prominence are contrastive and
must be duly marked.
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ABSTRACT
The presence of visual cues can facilitate speech
processing in adults, conferring an ‘audiovisual (AV)
benefit’ in noisy listening conditions. However, it is
unclear to what extent such benefits extend to quiet
conditions and to children. A phoneme monitoring
task was used to determine whether 7-11 year-old
children show an AV benefit for accuracy and/or
speed of processing in either quiet or noise, and
whether the magnitude of this benefit differs between
listening conditions. An AV benefit for processing
speed was found, unaffected by listening conditions.
This suggests that visual speech cues can be used by
children to facilitate speech processing generally, not
just in noise. We therefore believe that visual speech
cues may be used to assist children to rapidly process
speech in everyday situations.
Keywords: sentence processing,
children, noise, phoneme monitoring

audiovisual,

1. INTRODUCTION
Speech perception and processing often involve both
auditory and visual speech cues. The integration of
these cues can be advantageous to listeners in
comparison to speech presented in the auditory
modality alone. One advantage of audiovisual (AV)
presentation is that it improves the speed and
accuracy of speech perception/processing in noise for
adult listeners [8, 11, 18, 19]. This processing
advantage associated with AV presentation over
auditory-only (AO) is known as the ‘AV benefit’.
While there is strong evidence for AV benefits arising
in noisy listening conditions, some studies have
concluded that AV benefits do not occur in quiet
conditions, e.g., [19]. However, this may be due to
ceiling performance in AO conditions, leaving no
room for improvement with the addition of visual
cues. Indeed, studies have found that adults do show
an AV benefit in quiet if the task is sufficiently
difficult [7, 17]. This suggests that the presence of an
AV benefit is not attributable to the presence of noise
per se, but to the degree of difficulty associated with
processing the input, to which noise may contribute.
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In comparison, AV benefits among children are
relatively poorly understood. While it is known that
AV presentation can improve accuracy of speech
perception among children in both noise [9, 12] and
vocoded speech [15], no study has examined whether
this is accompanied by an AV benefit for processing
speed (cf. [8, 11] for adults). Additionally, no study
has yet examined whether children show any AV
benefit in quiet. The current study therefore asked
whether, for speech in quiet conditions, children show
an AV benefit, in either accuracy or speed, and how
this compares to any AV benefit found in noise.
It is important to address these questions for three
reasons. Firstly, by better understanding the
circumstances in which children show an AV benefit,
those who interact with children may be better
equipped to facilitate children’s speech processing. If
children show an AV benefit for processing speed,
ensuring that visual cues are available to them in the
classroom, for example, may improve their learning:
Faster processing may give them more time to
comprehend lesson content and assist children who
struggle to ‘keep up’ during lessons. Secondly, it is
necessary to understand the degree of AV benefit
experienced by typically-developing children as a
baseline for investigating special populations of
children for whom AV benefit may be of extra
importance, such as children with hearing impairment
or learning difficulties. Finally, investigating
children’s AV benefit in quiet conditions may provide
evidence in support of the suggestion that the
presence of an AV benefit is determined not
necessarily by the presence of noise, but by the
difficulty associated with processing the speech input.
To investigate children’s use of visual speech
cues, we used a phoneme monitoring task [4, 6]:
Participants listened to sentences presented in either
AV or AO modality and made a button-press
response as soon as they heard a pre-specified
phoneme. Half of the participants completed the task
in quiet and half in noise. The participants’
monitoring accuracy and reaction times were
measured to determine the presence of any AV
accuracy and/or speed benefit. This method was
chosen as phoneme monitoring is relatively difficult
for children, making the presence of an AV benefit
more likely, and, by measuring reaction times, avoids

the issue of ceiling performance as found in previous
studies. We hypothesised that, in noise, children
would show an AV benefit for accuracy, as in [9, 12],
and a corresponding benefit in processing speed, as
found for adults in [8, 11]. We also hypothesised that
the same AV benefits would be found in quiet, due to
the difficulty of the phoneme monitoring task for
children. However, we expected that the AV benefits
found in noise would be greater than in quiet due to
the increased difficulty associated with processing in
the noisy condition.
One possible drawback to using phoneme
monitoring to examine AV processing is that an
apparent AV speed benefit may actually be due to the
temporal ordering of visual and auditory cues. For
example, when monitoring for the phoneme /b/, the
first visual cue (lip closure) becomes available before
the first auditory cue (release burst). It would
therefore be possible to observe shorter reaction times
in the AV than the AO condition due to the
availability of the different cues, rather than any
change in processing speed. To mitigate this potential
issue, we included phonemes at two places of
articulation (PoAs): bilabial (/b,p/) and velar (/ɡ, k/).
The bilabial phonemes had a visual cue that preceded
the auditory cue, as described above, but velars did
not, as velar closure is not visually salient. Should the
same apparent AV benefit be found across both PoAs,
this would demonstrate that the benefit was due to an
overall difference in processing speed, while an
apparent benefit for bilabial, but not velar phonemes
would implicate the temporal difference between the
visual and auditory cues.
2. METHODS
2.1. Participants

Thirty-nine children aged 7-11 years participated in
the study (Mage = 8 years, 10 months, SD = 1 year, 3
months; 18M, 21F). One further participant was
excluded for failing to follow task instructions.
Nineteen participants completed the task in quiet
(Mage = 8 years, 11 months, SD = 1 year, 5 months;
10M, 9F) and 20 in noise (Mage = 8 years, 10 months,
SD = 1 year, 1 month; 8M, 12F). All participants were
monolingual native speakers of English, with native
English-speaking parents. No participant had any
reported hearing, language or cognitive impairment,
or any vision impairment not corrected by glasses.
Parental written informed consent and participant’s
verbal assent were obtained.
2.2. Stimuli

For the phoneme monitoring task, /b, p, ɡ, k/ were
chosen as target phonemes, each occurring in twelve
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target words. The target phoneme always occurred as
a singleton in word-initial position, to control for
singleton vs. cluster and word position effects on
reaction time [6, 20]. All target words were familiar
to children, with a log frequency of at least 3.00 in the
CBBC section of the SUBTLEX database [21].
Each target word was embedded in a sentence of
9-12 syllables that did not contain any other
occurrences of the target phoneme. The target
phoneme always occurred in the fifth or sixth
syllable, to control for sentence-position effects on
reaction time [6]. Sentences were adapted from [10]
(see Table 1 for examples).
Table 1: Sample sentences used in the phoneme
monitoring task (target phoneme in bold).

Target
phoneme
/b/
/p/
/ɡ/
/k/

Sample sentence
The ladies put their basket in the car.
The artist left his paint on the floor.
The auntie bought a gift for the little boy.
The girl left the cabbage on her plate.

Sixteen catch sentences were also created, which
contained no instances of any target phonemes but
followed the constraints of the test sentences. As the
position of the target phoneme was consistent across
the test sentences, catch sentences were included to
prevent participants from responding at the same
position in each sentence without paying attention.
All test and catch sentences were spoken by a
female native speaker of Australian English and
recorded using a Sony HXR-NX30P digital HD video
camera with a Sony ECM-XMI electret condenser
microphone. The speaker’s whole face and shoulders
were visible and centred in the recording. The speaker
wore a black t-shirt and was shown in front of a solid
grey background. Each sentence was produced with
the target word prosodically focused to facilitate
phoneme monitoring and to control for prosodic
effects on reaction time [6].
Video recordings were segmented in iMovie and
the audio tracks were extracted. The mean intensity
of the sentence portion of each audio track was
normalised in Praat [3] and a second version of each
audio track was created with overlaid pink noise at a
-2 dB signal-to-noise ratio (SNR) using Praat Vocal
Toolkit [5], for use in the noise condition. For the AV
stimuli, the audio and video tracks were recombined.
For the AO stimuli, the audio tracks were matched
with a static frame taken from an AV stimulus in
which the speaker looked at the camera with her
mouth closed and had a smiling expression. Each
stimulus sentence appeared in the AV condition for
half the participants and AO for the other half.

2.3. Procedure

First, all participants completed a simple reaction
time task to train them to respond to stimuli as quickly
as possible, so as to obtain valid reaction times.
Participants viewed a black screen on which a white
cross appeared at irregular intervals and were
instructed to press a button on the response pad as
quickly as possible whenever they saw the cross.
The phoneme monitoring task then began with a
block of practice trials to familiarise participants with
the task procedure, followed by eight test blocks (four
AV blocks and four AO, one target phoneme per
block). Half of the participants received the AV
blocks first and the others the AO blocks first. Each
block began with an introductory sentence (presented
in the same modality as the rest of the block) to inform
participants which phoneme they were required to
monitor, e.g., “Listen for the /b/, as in band and
beetles.” This was followed by six test trials and two
catch trials, presented in randomised order. At the end
of each block a video of the speaker making a funny
face was shown to maintain participants’ attention.
The task was presented in E-Prime 3 on an ASUS
X550J laptop computer in a quiet room, using a
Genelec 8020C external speaker (at a constant
volume across participants) and a Cedrus RB-840
response pad. Participants were instructed to listen to
the sentences while watching the screen and press a
designated button on the response pad with their
dominant hand as quickly as possible when they
heard the target phoneme, but to avoid pressing the
button when the target phoneme was not present.
2.4. Analysis

Before data analysis, all catch trials and misses (test
trials for which no button-press response was made)
were removed from the dataset, leaving only test trials
for which participants made a response. Then, trials
with unfeasibly short (less than 100 ms) and long
(greater than 3000 ms) reaction times were also
removed, following, e.g., [10]. In total, 106 of 1872
test trials (5.7%) were removed: 58 were misses
(3.1%) and 48 had extreme reaction times (2.6%).
All statistical analyses were carried out in R [16].
For the accuracy analysis, percent correct was
calculated by dividing the number of hits (i.e., test
trials remaining after misses and trials with extreme
reaction times were removed) by the total number of
trials for each modality and PoA per participant.
Participants who scored 100% correct across all
conditions (n = 17) were excluded from the accuracy
analysis due to lack of variance in their responses.
Percent correct values per participant per condition
from the remaining participants (n = 22) were used as
the dependent variable in a generalised linear mixed2516

effects model with family ‘inverse Gaussian’ and
identity link function [14] using the lme4 package [2].
The fixed factors were Modality (AV vs. AO), Listening
condition (quiet vs. noise) and PoA (bilabial vs. velar;
all contrasts were deviation coded). A maximal random
effects structure was used, with a random intercept for
Participant and random slopes for Modality and PoA by
Participant. The model syntax was: glmer(Accuracy ~
Modality * ListeningCondition * PoA + (1 + Modality
+ PoA | Participant), data = AccuracyData, family =
inverse.gaussian(link = "identity")).
After model fitting, outliers were removed from
the data. Outliers were defined as data points for
which the standardised residuals were greater than 2.5
standard deviations from the mean [1]. Two outliers
were removed (2.3% of the data), then the model was
re-fit and tested for statistical significance. Post-hoc
pairwise comparisons on significant interactions were
performed using the emmeans package [13].
For the reaction time analysis, untransformed
reaction time was used as the dependent variable in
another generalised linear mixed-effects model, again
with family ‘inverse Gaussian’ and identity link
function [14]. The fixed factors were the same as for
the accuracy analysis and the random effects structure
was again maximal, including random intercepts for
Participant and Item and random slopes for Modality
and PoA by Participant and Modality and Listening
condition by Item. To facilitate model convergence, the
nAGQ argument was set to zero. The model syntax was:
glmer(RT ~ Modality * ListeningCondition * PoA + (1
+ Modality + PoA | Participant) + (1 + Modality +
ListeningCondition | Item), data = RTData, family =
inverse.gaussian(link = "identity"), nAGQ = 0). Outlier
identification was conducted as previously and 49 data
points were removed (2.8% of the data). The model was
then re-fit and tested for statistical significance.
3. RESULTS
Participants were highly accurate at monitoring the
target phonemes: Mean accuracy per participant was
97% (SD = 7%). Modelling revealed no significant
main effects or two-way interactions of the fixed
factors (Modality, Listening condition and PoA; all ps
≥ .59), but a significant three-way interaction was
present (β = -1.10, SE = 0.35, p = .002). Post-hoc tests
compared percent correct in the AV and AO
modalities for all combinations of Listening condition
and PoA, but none were significant (all ps ≥ .38).
For the reaction time analysis, a significant main
effect of Modality was found (β = -34.31, SE = 6.74,
p < .001), indicating that participants responded 34
ms faster to AV than AO stimuli on average (Figure
1). No other main effects or interactions of the fixed
factors were significant (all ps ≥ .05).

Figure 1: Violin plots of phoneme monitoring
reaction times across AO and AV conditions.

4. DISCUSSION
Using a phoneme monitoring task, this study
investigated whether an AV benefit in accuracy or
processing speed occurs among children listening in
either quiet or noisy conditions. Participants’
percentage of correct responses (i.e., successful
monitoring) was used to investigate accuracy benefit,
and reaction times were used to examine processing
speed benefit.
Results of the accuracy analysis did not reveal any
significant AV benefit in either quiet or noise.
However, this was likely due to the ceiling or nearceiling accuracy of most participants across both
modalities. It seems that, like in previous studies, this
ceiling performance has prevented any potential AV
benefit from appearing, cf. [19]. Unlike in [19],
however, we observe this ceiling performance across
both quiet and noisy conditions. While a significant
interaction between Modality, Listening condition
and PoA was found, post-hoc tests did not elucidate
where the significant effect arose. This may be due to
the limited number of data points per cell available
for the pairwise comparisons. The accuracy data also
suffered from a lack of variance, as only a limited
number of values were possible (each data point was
calculated from 12 responses, so one error equated to
an 8.3% reduction in accuracy), which may also have
contributed to the lack of significant effects. Our
accuracy results are therefore largely uninformative.
However, as expected, the reaction time data was
not subject to the same ceiling effects. In the reaction
time analysis, a main effect of Modality was found:
Participants responded to AV stimuli 34 ms faster
than to AO stimuli, regardless of PoA or Listening
condition. This demonstrates that children do indeed
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show an AV benefit in processing speed in both quiet
and noisy conditions, confirming our hypothesis.
Furthermore, as this effect of Modality did not
interact with PoA, we can be confident that this AV
benefit was not driven by the earlier availability of
visual than auditory cues, as the same benefit was
found for both visually salient bilabial phonemes and
non-visually-salient velar phonemes. This suggests
that the difference in reaction times is indeed due to
facilitated processing in the AV condition.
No interaction was observed between Modality
and Listening condition: The same degree of AV
benefit was found in both the quiet and noisy listening
conditions. This contrasted with our hypothesis that
the AV benefit found in noise would be greater than
in quiet, and may be due to the relatively favourable
SNR of -2 dB in the noise condition. Previous studies
using phoneme monitoring to investigate AV benefit
have used more negative SNRs: -9 dB for children [9]
and -9 to -18 dB for adults [8]. However, these studies
involved single-word stimuli, motivating our choice
of a less-difficult SNR for the more complex sentence
stimuli in our task. Had a more challenging SNR been
used in our study, a Listening condition by Modality
interaction may have become apparent. Interestingly,
no overall difference in reaction time was found
between the quiet and noisy conditions, further
suggesting that the SNR chosen for the noise
condition may not have been sufficiently difficult to
disrupt processing. An alternative explanation is that
manipulating Listening condition between-subjects
may have resulted in insufficient power to detect an
effect, due to extensive individual variability.
Our findings have two main implications.
Theoretically, our results are compatible with
viewing AV benefits as an intrinsic part of speech
perception and processing which manifest when
speech processing performance is not at ceiling,
rather than a phenomenon which occurs only under
certain circumstances (i.e., in noise). More
practically, the overall AV benefit for processing
speed suggests that ensuring that children’s auditory
input is supplemented by visual speech cues may
facilitate speech processing in both quiet and noise.
Provision of visual cues may therefore facilitate, for
example, learning in classroom settings, following
conversation, and other situations where rapid
understanding of language input is required.
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ABSTRACT
An experiment using a visual world eye-tracking
paradigm seeks to shed light on the relationship
between native-like vs. foreign-accented speech and
the phoneme categories of the speakers.
Previous research has shown that competitor
images are fixated longer a) with a similar phonetic
onset in the speaker’s L1 and b) with an L2 vowel that
is not a phoneme category in the speaker’s L1. This
study presented target images containing [æ] in
English to two groups of native German speakers:
with and without a distinct German accent in English.
English /æ/ and /ɛ/ may be conflated to /ɛ/ by
German speakers. It was investigated whether
speakers without foreign-accented speech showed
fewer fixations to competitors containing [ɛ] in
German, as they acquired a new phoneme category.
Secondly, it was examined whether the two groups
differ with competitor images containing [a] in
German and how this could be interpreted.
Keywords: eye tracking, phoneme categories, learner
phonology, foreign accent
1. INTRODUCTION
Phoneme categories are developed early in life. While
infants are able to discriminate any phonetic contrast
in the first six months of their life, they lose this
ability in the subsequent six months in favour of
contrasts that are phonemic in their L1. [16] This has
an impact on L2 acquisition where contrasts that are
not phonemic in the L1 have to be perceived and
produced. Current models of speech perception and
production assume a strong link between L1
phonology and its impact on L2 acquisition. The
Speech Learning Model (SLM) proposes that L1 and
L2 phonetic subsystems share a common
phonological space. If an L2 sound is sufficiently
distinct from the closest L1 phoneme, a new category
will be formed for this sound. If it is perceived as
similar to an L1 sound, however, there will be a
merged L1/L2 category. [12] The extended
Perceptual Assimilation Model (PAM-L2) claims
that listeners will perceptually assimilate an L2 sound
to the closest L1 phoneme category. It is possible that
two L2 phonemes are assimilated to the same L1
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category, either as equally good exemplars or with a
difference in goodness of fit. If discrimination of the
assimilated L2 phones is possible, it is likely that for
the worse fit a new phonetic and phonological
category is developed. [2]
Different learners may succeed differently well in
the task of establishing L2 categories. The present
study uses an eye tracking experiment to examine the
link between a foreign or native-like accent and the
speakers’ potential phoneme categories. Eye tracking
studies over the past decade have helped us
understand how speakers access lexical items, in what
way phoneme categories may be organised and in the
case of bilingual speakers which languages are
accessed in the perception process. Previous research
with the help of visual world designs has revealed two
essential findings.
For bilingual speakers, the speaker’s L1 is also
activated in the comprehension process [13, 18].
Weber and Cutler [18], for instance, have shown that
in an experiment conducted entirely in English, Dutch
participants showed increased fixations to objects
when the lexical items shared the same phonetic onset
in their L1 Dutch with the English target word. (With
the auditory stimulus kitten, a box that translates as
kist in Dutch is fixated more often and until later.)
Secondly, competitors receive more fixations
when the target contains a sound that is not a phoneme
in the speaker’s L1 and is hence confusable with the
sound of the competitor [6, 9, 18]. (When told to click
the panda, participants showed increased fixations to
a pencil, as the English /æ/-/ɛ/ contrast is confusable
to Dutch speakers.)
The present study amalgamates these two designs
by presenting German native speakers with English
target words that contain [æ] and competitor items
that are phonetically dissimilar in English, but have a
potentially confusing vowel in their German
translation.
The English /æ/-/ɛ/ phoneme contrast is not
established in German and speakers typically
pronounce /æ/ as [ɛ]. (Unlike other languages, such as
Spanish, /æ/ is not mapped to /a/.) It could be
hypothesised that German speakers learning English
initially have one phoneme category that comprises
both [æ] and [ɛ], but as their language acquisition
progresses, they develop a separate phoneme
category for /æ/. If we assume that speakers without

a foreign accent have mastered the task of acquiring
L2 phoneme categories better than speakers with a
distinct foreign (L1) accent, then the former should
show fewer fixations when presented with a
competitor containing [ɛ] in the German translation
than the latter.
German learners who work to improve their
perception and production of the /æ/-/ɛ/ contrast
sometimes comment that to them [æ] ‘somehow
sounds like’ [a]. This is not unfounded, since German
/a/ is the closest L1 phoneme category and it is also
supported by spelling, since both English [æ] and
German [a] are always spelled ⟨a⟩ and although
spoken language has primacy over its written form, it
has been shown that spelling has an effect in auditory
word recognition tasks, for instance. [19] This,
however, raises the question whether advanced
learners did in fact acquire a new phoneme category
for /æ/ or whether they re-assimilated [æ] as an
allophone of German /a/. If that were the case, it
would be of interest whether competitors containing
[a] received more fixations than distractors that
contain a different vowel.
2. METHOD
2.1. Participants

Participants were German native speakers and
students of the BA programme English and American
Studies at the University of Erfurt in their first year of
study. All students of a compulsory phonetics lecture
were asked to record a list of five sample sentences at
home that contained among others [æ] and [ɛ] with
whatever means they had available. They were told
that the purpose of the recording was to evaluate
students’ pronunciation in an anonymised way, but
that they might be invited to an experiment later.
The sample recordings were played to two English
native speakers (one British and one American). They
were asked to rate the accent of the speakers on a fivepoint Likert scale from “very strong German accent”
to “no foreign accent”. Raters were instructed that
many students would most likely fall in the middle
category and that this category should represent what
to them is a typically average pronunciation of a
German language learner.
Students who were given a higher or lower than
average rating by both judges on their foreignaccentedness were selected for the study. In all, 44
students took part in the experiment, 22 with a distinct
German accent and 22 without or with a distinctly
mild foreign accent. It would have been desirable to
have more participants in each group, but as this
would have meant inviting students with an average
rating on their accent, it would have skewed the

2520

results. As much more female students took the
course and submitted a recording, only female
students were invited to the experiment to avoid any
gender bias.
2.2. Materials

Participants were presented with four images and
were asked to look at one of the four items. The target
items were 24 words that contained [æ] in English,
but whose German translation was phonetically
dissimilar in that it did not contain the same onset plus
short [a] (e.g. cat/Katze was rejected).
These targets were paired with two kinds of
competitors. On the one hand, with items that had the
same phonetic onset and contained [ɛ] in their
German translation, but would be phonetically
dissimilar in English (e.g. ham/Schinken–
Hemd/shirt). On the other hand, with items that
contained [a] in their German translation, but would
again be phonetically dissimilar in English (e.g.
ham/Schinken–Handtuch/towel). Ideally, also the
consonants following the vowels were identical or
phonetically similar in target and competitor, but this
could not always be guaranteed. For 7 out of the 24
targets, no [ɛ]-competitor could be found. For one
target, there was no [a]-competitor. Where targets had
both kinds of competitors, participants only saw one
competitor, while a different subgroup was presented
with the other.
Most images were photos taken from the [3]
picture set. Several images were added where no
photo was available. All photos were rendered blackand-white to avoid attention to colour. The images
had a size of about 5.5 × 5.5 cm. Targets and
competitors were put in different positions in all
trials, so there would be no learning effect or bias for
the top left position. In addition to the 24 test trials
that every participant was presented with, 25
distractor trials were created where the target item
contained vowels different than [æ].
2.3. Procedure

Students were invited to the eye tracking laboratory.
The blinds can be closed in that room, so that there is
only one light source. The eye tracker by SMI is
mounted below the screen. All students were greeted
in English and they were given time to make
themselves comfortable. It was explained to them that
they would hear a word over headphones and should
look at the corresponding picture. It was pointed out
that they might not know the word they hear and
should then indicate this. These trials were later
discarded.
After a calibration phase at the beginning of the
experiment, a cross was displayed in the middle of the

screen for 4000 ms which students had been
instructed to fixate. Afterwards, the cross disappeared
and the four images (target, competitor and two
distractors) were displayed on the screen at equal
distances from the cross. Simultaneously, a recording
of the target item was played over headphones that
had been recorded by a speaker with a General British
accent. After 4000 ms, the images disappeared and
the cross reappeared to start the next trial. The
different trials were displayed in randomised order.
After the experiment, the instructor switched to
German. All participants were shown pictures of the
competitor items again and they were asked to name
these items in German. Where participants provided
a different word than anticipated, this was noted and
these trials were later discarded.

Figure 1: All trials with an [ɛ]-competitor by
participants with a distinct German accent

Figure 2: All trials with an [ɛ]-competitor by
participants with no foreign accent

3. RESULTS
For the analysis, only fixations to the four areas of
interest were analysed. Fixation proportions were
calculated starting at 200 ms after the beginning of
the trial in steps of 20 ms until 1000 ms. Fixations to
the two distractors were averaged. The figures below
show fixation proportions for all participants and all
test trials, except the ones that had to be removed
because the participant did not know the target word
or labelled the competitor differently.
When presented with competitor items containing
[ɛ] in their German translation, fixation proportion
differ from distractor items with different vowels in
both groups.
The group with a distinct German accent shows
nearly twice as many fixations to competitors
containing [ɛ] than to the target from the onset until
460 ms. Afterwards, as looks to the target increase
rapidly after 620 ms, the competitor receives more
fixations than the distractors until after 800 ms.
The result for the group without a foreign accent
is puzzling. The point of target identification is earlier
at about 400 ms. However, competitors with [ɛ] show
fewer fixations than distractor items: almost half as
many fixations, the opposite relation as for the
foreign-accent group. (It has to be admitted that this
group had the lowest absolute number of fixations
and that this finding might be an artefact.)
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The differences between target, competitor and
distractor items are not as pronounced, when the
competitor items contained [a] in their German
translation.
The group with a distinct German accent when
presented with competitors containing [a] showed
more fixations to the competitor than to the distractor
items between 460 ms and 860 ms.
Exploration of the group without a foreign accent
shows a similar effect, however not so pronounced.
The point of target identification is a little earlier.
Furthermore, fixations to the competitor reach the
proportion level of distractors about 180 ms earlier. A
one-factor ANOVA on the fixation proportions for
both groups, however, showed no significant
differences between the groups. Further statistical
analyses more appropriate to time-course data will
have to provide further insights.

Figure 3: All trials with an [a]-competitor by
participants with a distinct German accent

of their L1 /a/-category. However, what speaks
against this is that speakers with a foreign accent
show higher fixations to competitors both with [ɛ] and
[a]. An alternative explanation would be an influence
of spelling. For instance, in auditory word recognition
experiments, consistent or non-consistent spelling did
impact word recognition. [19] It would be
conceivable that also in a visual world paradigm
orthography does play a role. After all, while not
every ⟨a⟩ is pronounced [æ], every [æ] is represented
by ⟨a⟩ in spelling and this in turn always corresponds
to [a] or [aː] in German.
The findings paint an interesting picture on the
organisation and development of phoneme categories
of L2 learners. Further research with a higher number
of participants is certainly needed to validate these
findings. This would also allow for a more finegrained per item analyses.

Figure 4: All trials with an [a]-competitor by
participants with no foreign accent
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ABSTRACT

count for the productivity of phonological rules, as
evidenced in perceptual learning studies [17]. As
both approaches fall short of predicting crucial phenomena [7], hybrid solutions have been proposed
[9, 12]. What is clear is that adaptation to new
speakers is productive in nature, but is also based on
experience with exemplars of the new speaker. The
question of this study is, therefore, whether we find
same-speaker effects on items that induce perceptual
learning compared to canonical realisations.

Variance in the speech signal is caused by many factors. Traditionally, it was assumed that variation is
removed prior to lexical access. Evidence for abstraction has come from perceptual learning experiments. Exemplar Theory does not assume stored
abstractions, but the storage of exemplars, as evidenced by same-speaker priming effects in which a
listener is faster to react to a word when repeated
in the same voice. This study combined the perceptual learning paradigm with a priming experiment
to investigate whether exemplar effects are found on
items which induce perceptual learning compared
to canonically realised counterparts. After exposure to an ambiguous fricative in German between
[f] and [s], categorisation changed as a function of
condition, replicating previous studies. In the priming block, no difference in reaction-time was found
between conditions, suggesting exemplars were not
stored during perceptual learning. We discuss the
results in relation to models of speech perception.

1.1. Perceptual Learning and Exemplar Effects

Perceptual learning paradigms involve participants
being exposed to an idiosyncratic variant of a
phoneme, found on a continuum between two
phonemes, e.g. [f] and [s]. After exposure to the
ambiguous phoneme, categorisation of items on the
continuum should change depending on which lexical context the subject was exposed to. This change
in categorisation is productive, extending beyond
lexical items from exposure, providing evidence for
abstraction [17]. There have been conflicting results
on automaticity in perceptual learning, with [1] reporting no difference in perceptual learning when a
demanding distractor task was used versus without a
second task, but [5, 6] found that processing words
with an ambiguous phoneme can lead to longer reaction times. Finally, when the source of the ambiguous phoneme is unknown, listeners can delay
a change in categorisation until the source of variation has been disambiguated [14], which provides
evidence for the storage of contextual information.
Storage of contextual and phonetic information is
a key point of Exemplar Theory and has been found
in the form of same-speaker effects in voice priming studies. These effects have not been found in
all cases. The Time-Course Hypothesis predicts that
they will arise when processing is slow, as evidenced
by longer reaction times [16], e.g when processing
foreign accents [15] or speech in noise [19]. If exemplar effects are found when processing is slow,
and items that induce perceptual learning lead to
slower processing, then we can hypothesise that we
may find exemplar effects on ambiguous items.

Keywords: Perceptual learning, exemplar effects,
lexical decision, speaker normalisation
1. INTRODUCTION
Speech is inherently variable due to factors such as
systematic dialectal differences, anatomical differences, and even incidental features such as having an
object in one’s mouth [14]. In abstractionist frameworks of speech perception, the variability found in
speech was treated as irrelevant noise, removed by
the perceptual system before lexical access, a process termed speaker normalisation. As analysis of
speech outside the laboratory has increased, it has
become apparent that idealised categories might be
unrealistic due to a lack of one-to-one mappings between cues and categories [13, 4].
Evidence of same-speaker processing advantage
within Exemplar Theory has shown that listeners
may retain surface features of speech, which is not
predicted by purely abstractionist accounts [8, 16,
20, 22]. Exemplar frameworks, however, cannot ac-
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ber of syllables. Overall three versions were created, the natural realisation of the male and female
speaker, and the ambiguous male form in which
the fricative was replaced by the ambiguous fricative [?]. Note that in this case the [s]-words were
recorded as [f]-ending to control for coarticulatory
effects. Finally 100 fillers and 150 phonotactically
legal non-words (e.g. kapitat) were recorded by both
speakers. The natural and ambiguous target items of
the male speaker were used both as exposure items
for perceptual learning, and as primes for the exemplar test. The female target items were used as the
different voice in the exemplar test.

The link between the presence of exemplar effects on items which induce perceptual learning can
be explained by both the Complementary Systems
Model [9] and The Ideal Adapter Framework [12],
which incorporate both exemplars and abstractions.
In order to create generative models for new speakers we encounter, we require a certain amount of
phonetic evidence from which we can extract the
distributional properties in the signal in order to aid
future processing. In both approaches, when a listener encounters a new speaker, we draw on prior
experience, but also develop new generative models
based on the new deviating input. We therefore store
multiple extractions and need exemplars to develop
these. The specificity of the abstractions means we
can account simultaneously for specificity effects, as
well as productive phonological knowledge.

2.1.3. Design
The design consisted of three parts (1) an Exposure/Priming phase (2) a Perceptual learning Categorisation Test and (3) an Exemplar Test. Part (1)
was a lexical decision task consisting of 40 targets
(natural and ambiguous e.g. Gla[s] or Gla[?] in
the male voice), 60 fillers (10 male voice, 50 female voice) and 100 non-words (50 per voice). This
functioned as the exposure phase for the perceptual
learning categorisation test, and as the priming block
for the exemplar test. Part (2) was a categorisation
task consisting of five steps (14,17,20,23,26) of the
continuum from the pretest following [21, 18, 6],
each repeated 6 times. This tested the difference in
categorisation of the between-subject variable FSCondition, i.e. the lexical context of the ambiguous
phoneme. Part (3) was the Exemplar Test. In this
section, half of the targets from Part (1) (ambiguous
and natural [f/s]/[?]) were presented in a different
female voice, and half the targets in the same voice
as Part (1). This constituted a within-subjects design with two independent variables 1) whether the
prime in Part (1) contained the natural or ambiguous
phoneme and 2) whether the target was repeated in
the same or different voice in the exemplar block.
Furthermore, the final lexical decision consisted of
60 fillers and 100 non-words in both voices.

2. THE CURRENT STUDY
2.1. Method

2.1.1. Participants
Forty-nine participants took part in the main experiment (30 females, mean age 25.8, SD=5.16) and
ten in the pre-test (6 females, mean age = 23.9,
SD=3.54). All participants were German native
speakers and reported no hearing impairments.
2.1.2. Materials
To construct the [f]–[s] continuum, a male speaker
of standard German recorded the syllables [Ef] and
[Es]. A 41 step continuum was constructed following [21] by adapting the ratio of each of the fricatives
in a step-wise manner. The resulting fricatives were
spliced onto a natural [E] vowel which was recorded
in an [Ef] condition (duration 123 ms). Following
[21], a pre-test was carried out to find the most ambiguous step and the categorisation boundary. Seventeen steps on the continuum were chosen. The experiment consisted of eight blocks, in which each of
the steps was presented in a random order. Participants indicated by clicking [f] or [s] which phoneme
they heard. The most ambiguous step was found between 19 and 21, and therefore step 20 was chosen.
Following the pre-test, 40 German words (20 [f]final, e.g. Schaf sheep, 20 [s]-final, e.g. Glas glass)
were chosen. Target words did not contain [f] or
[s] in any other position. Log-frequency of the target words was measured using the deWaC corpus
[2]. Mean frequency of the [f]-words was 8.37
(SD=1.85), and 8.27 (SD=1.40) for the [s]-words.
Pairs were matched for stress, final vowel, and num-

2.1.4. Procedure
Participants were tested individually in a quiet room.
Each participant was assigned to one of four lists
(two per FS-Condition). The instructions were presented on screen and clarified by the experimenter.
Participants were told that they would hear different
words, German words or fake words, spoken by a
male and female speaker. They were instructed to
respond quickly and accurately whether or not the
word was an existing word on a Cedrus button box.
The participants did not know that the first lexical

2525

reach significance. The interaction between the two
was significant (βinteraction = −1.20 SE = 0.50 t =
−2.38 p = 0.02), predicting a reduction of accuracy for an ambiguous target item ending in [s]. Finally, the addition of log frequency was significant
(βlog f requency = 0.49 SE = 0.19 t = 2.61 p = 0.009)
For the reaction time analysis, both the betweensubjects fixed effect FS-Condition (βFS−Condition =
−0.04 SE = 0.13 t = −0.30 p = 0.77) and withinsubjects condition Phoneme (β phoneme = 0.07 SE =
0.10 t = 0.67 p = 0.51) showed no significance.
Similarly, the interaction between the two was
not significant (βinteraction = 0.03 SE = 0.05 t =
0.62 p = 0.53). This suggests that there was
no difference between the natural and ambiguous
items, unlike the results found in [6, 18]. Preceding RT, however, was significant (βPrecedingRT =
0.00008 SE = 0.00003 t = 2.84 p = 0.005).

decision task would be followed by the categorisation test and exemplar test. After the exposure block
the experimenter placed a label EF and ES on the
button box for the categorisation test. Participants
were told that they would hear different sounds spoken by the male speaker. Their task was to choose
whether the sound was [Es] or [Ef]. Finally, the exemplar test appeared with the same instructions as
the exposure block. After the experiment, participants filled out a post-questionnaire following [6].
2.1.5. Statistical Analyses
For the analysis of reaction-time (RT) data in the exposure and target block, we employed linear mixed
models. We used the log-transformed RT and only
included correct responses. RT was measured from
word offset because the phoneme manipulation occurred word-finally. For binary response results of
accuracy and in the categorisation task, we used
mixed-logit models following [11]. In order to assess the significance, we used pairwise comparisons
starting from the most complex model. Experimentally manipulated variables were always included in
the model regardless of significance, as we were performing confirmatory hypothesis testing. Random
slopes for word and subject were added where appropriate. Covariates (Log Frequency, Preceding RT
and RT of prime) were kept in the model if they significantly improved fit. Outliers were removed by
model criticism, removing residuals more than 2.5
SD away from mean, and the results reported are
based on refit models.

2.2.2. Categorisation Test
The between-subjects FS-condition was significant.
The estimate of this effect shows that when the
condition is [s], the estimated proportion of [f]
responses drops significantly. We can see this
by the negative estimated effect (βFS−Condition =
−5.34 SE = 1.22 z = −4.36 p = 0.000013).
2.2.3. Exemplar Block
Results from the FS-Condition were collapsed into
one group with two IVs, Prime (natural/ambiguous
target word from exposure e.g. containing [f/s]/[?]),
and Voice (same/different voice in exemplar block).
The fixed effects Prime and Voice were not significant predictors (βPrime = 0.02 SE = 0.05 t =
0.45 p = 0.65, βVoice = 0.06 SE = 0.05 t =
1.19 p = 0.23). The interaction was not significant
(βInteraction = −0.07 SE = 0.07 t = −1.03 p = 0.30).
This suggests that there was no difference in voice
priming between the ambiguous and natural items.
Two control factors were significant predictors of reaction time, (βLogPrecedingRT = 0.14 SE = 0.03 t =
4.18 p = 0.00003) and (βExposureBlockRT = 0.21 SE =
0.03 t = 7.06 p < 0.0001); note that this control factor was added to account for baseline differences in
reaction time in the exposure block.

2.2. Results

2.2.1. Exposure Block
Based on the post-questionnaire, four participants
were removed because they recognised one of the
speakers. Participants were also removed based on
two measures, overall accuracy of real words or nonwords (<70%, 1 participant), as well as accuracy of
target words (< 50% following [21], 2 participants).
Overall accuracy of real words was 96% (SD 2%),
while non-word accuracy was 93% (SD 5%).
For analysis of accuracy, we used two fixed
effects in this model, viz. phoneme (ending in
[f] or [s]) and the between-subjects condition FSCondition, as well as the co-variate log frequency.
Of importance was the interaction between the two.
Both the between-subjects condition FS-Condition
(βFS−Condition = 0.20 SE = 0.45 t = 0.45 p = 0.66)
and within-subjects condition Phoneme (β phoneme =
−0.53 SE = 0.65 t = −0.81 p = 0.42) did not

3. DISCUSSION
The results from the perceptual learning task replicated previous studies showing that listeners change
their phonetic category boundaries after exposure to
deviant phonetic input from a new speaker. Participants in the [f]-condition categorised more stim-
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Natural Primes

Ambiguous Primes

Voice in Exemplar Block

Same

Different

Same

Different

Mean RT (ms)
Accuracy (%)

378 (SD=334)
97.6%

371 (SD=335)
95.6%

388 (SD=392)
95.1%

351 (SD=280)
97.1%

Table 1: Summary of mean reaction time and accuracy in the Target items in Exemplar Test.

in the target items. One interesting result, however,
which the IAF cannot completely account for, is the
reduction in accuracy in items with lower frequency
in exposure for [s]-ambiguous words. If listeners
already had prior experience with this sound, and
therefore a prior abstraction, then we should have
found similarly high accuracy for low and high frequency words. It is still unclear how the IAF deals
with frequency effects, which are a key point in exemplar frameworks.
There are of course methodological considerations which might have led to a lack of same-speaker
effects, and indeed this result could be due to a Type
II error. For example, there has been a lot of disparity in the literature with regards to number of exemplars used in experiments testing for same-speaker
effects, with successful experiment often employing
extremely low numbers of stimuli (e.g. [16]). It is
possible that the current experiment, with 400 lexical items in total, was too long and did not contain a sufficient ratio of target items. This, however,
highlights that exemplar effects may not be robust
in more realistic situations [10]. This does not mean
that exemplars are not of importance or stored, but
that the method of measurement may not be sufficiently sensitive; cf. [20] who found results in EEG
but not in the behavioural task. Due to the instability of the results in the literature, we conclude
that this priming task alone may not be a sensitive enough measure, and that future work should
employ more time-sensitive methods, such as eyetracking or EEG, as well as testing more target items
and participants to increase power.
In conclusion, this study sought to test for the
presence of exemplar effects on items which induce
perceptual learning, in order to investigate the role
of exemplars in creating abstractions using a novel
paradigm. While a perceptual learning effect was
found between groups, no evidence for exemplar
effects was found. This may provide evidence for
the automaticity of perceptual learning, but we cannot rule our a type II error. The results can also
be reconciled within the IAF because listeners may
have drawn on previous abstractions. Further studies
should aim to revisit this paradigm with the above
mentioned methodological changes.

uli as [f] in the test continuum than participants in
the [s]-condition. This effect was found even when
the exposure block consisted of two speakers. The
main question of this study however, was whether
exemplar effects would be found on items which
contained the ambiguous phoneme compared to the
naturally realised items. The results of the exemplar test indicate that there was no difference between conditions, suggesting no exemplar effects
were found. This result may therefore indicate, following previous findings, that perceptual learning is
a relatively automatic process [1] and does not require increased cognitive effort or processing. This
indeed would explain the lack of exemplar effects,
which have been found on items with higher processing costs. In fact, unlike previous studies on perceptual learning [18, 3, 5], reaction times were not
significantly longer for ambiguous items, indicating
that they were processed as quickly as natural items.
The absence of exemplar effects is predicted by
purely abstractionist theories, because they postulate
speaker normalisation, and therefore any priming
will take place after speaker normalisation, on the
lexical level. Furthermore, despite the addition of
another speaker, perceptual learning occurred, providing more evidence that perceptual learning is a
rather automatic process, as the addition of a second
speaker would possibly increase cognitive demand,
having to track multiple distributional cues.
The result above may pose problems for purely
exemplar frameworks, which assume the storage of
exemplars, but the results may still be consolidated
in a hybrid model. One of the main predictions
of the Ideal Adapter Framework is that listeners
will also draw on prior experience when they encounter a new speaker. From the answers in the
post-questionnaire, and similar to the findings of [6],
many participants reported that the male speaker had
a lisp. This shows their awareness of the source of
variability, so much so that there is a term for it. This
suggests they encountered speakers with the same
quality of frication before. This means, as predicted
by the IAF, that listeners would not need to create a
novel abstraction for this speaker, but rather draw on
a previous abstraction. Due to this, a future improvement would be to use a more novel phonemic variant
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ABSTRACT
The verbal transformation effect is a phenomenon
such that when a person hears a repeated single word
without pause, illusory changes of the physically
unchanging word are induced. While this effect has
been studied in English and French, few studies have
been undertaken about this effect in Japanese,
especially from the perspective of behavioral science.
In this study, we examined whether the verbal
transformation effect occurs with or without pauses,
and whether nonsense words also induce the verbal
transformation effect. Our results, unlike those of
previous studies, showed that the verbal
transformation effect increased with a 0.15 sec pause.
Moreover, the perceptual transition time was
significantly longer with the 0.15 sec pause than
without it. We found that the verbal transformation
effect occurred with nonsense words, and also, the
perceptual transition time varied depending on the
word. The mechanisms of the verbal transformation
effect are discussed.
Keywords: Inter stimulus interval, perceptual
transition, Japanese, delay, illusory words.
1. INTRODUCTION
Listening to repetitions of a single word without a
pause induces illusory changes of the physically
unchanging word. For instance, “tress” may be
transformed into a variety of verbal forms, such as
“dress”, “stress”, “drest”, or even “Esther” [3, 6].
This phenomenon is known as the verbal
transformation effect (VTE) [3]. Warren examined
the influence of F0, loudness, and noise on the VTE
in English [3].
A few studies on the VTE have been conducted
from the perspective of brain science in Japanese.
Using fMRI, Kondo & Kashino in their study
revealed that the left inferior frontal cortex, anterior
cingulate cortex, and the left prefrontal cortex were
activated during the perceptual transition [2].
Japanese words are constructed by open
syllables in general. Therefore, Japanese syllable
orders can be for the most part exchanged and
phonemes can be generally replaced by other
phonemes. Few studies to date, however, have
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examined the VTE from the perspective of
behavioral science in Japanese. This is a preliminary
study to analyze the mechanisms of VTE from the
perspective of behavioral science. Specifically, we
tested the effect of satiation and temporal masking.
The perception of speech is satiated due to
repeated activation. We examined whether
perceptual transitions occur with and without pauses.
In addition, because the state of satiation would
change due to pauses, we also measured how long it
takes for perceptual transitions to occur.
In the stream of repeated words, word-initial
syllables would mask word-final syllables. The
intensity of a word-initial syllable is stronger than
that of a word-final syllable, thus backward masking
would occur in the perception of repeated words.
Moreover, we examined whether nonsense words
induce perceptual transition.
2. METHODS
2.1. Stimuli

The stimuli were /banana/, /bamana/ and /nanaba/,
uttered by a male native Japanese speaker. /banana/
is a real Japanese word for which VTE was found to
occur (Kondo & Kashino [2]), while /bamana/ and
/nanaba/ are nonsense words. In order to test the
masking effect, two pronunciations of /banana/,
normal and emphasized, were carried out. In the
normal utterance (normal /banana/), the initial /ba/ in
/banana/ had the strongest intensity and the final /na/
had the weakest intensity. In the emphasized
utterance of /banana/ (emphasized /banana/), the
final /na/ was emphasized and had almost the same
intensity as the initial /ba/ (Fig. 1).
Two sequences of normal /banana/ were carried
out. In one, normal /banana/ was repeated for 90 sec
with no gaps (the inter stimulus interval (ISI) was 0
sec), and in the other, the ISI was 0.15 sec. The
remaining stimuli, (emphasized /banana/, /bamana/,
/nanaba/), were also repeated for 90 sec with no gaps.
2.2. Subjects and procedure

Subjects were 12 native Japanese university students
aged 21-23 (male: 4, female: 8). They were
instructed to listen to the stimulus sequences and
then click a button on a computer display when they

perceived a change in the sound. They heard five
sequences through headphones. In order to avoid the
influence of the presentation order (ISI 0 sec, ISI
0.15 sec), subjects were divided two groups. Each
group consisted of six subjects.
Figure 1: Wave forms of normal /banana/ (upper) and
emphasized /banana/ (lower)
b a

n

a

n

a

7.18 sec, and the mean PTT of the DSC was 7.80 sec.
In the case when the ISI was 0.15 sec, the mean PTT
of the ASC was 32.38 sec, and the mean PTT of the
DSC was 31.38 sec. ANOVA with two factors, ISI
and Order, showed a significant main effect of ISI
(F(1,19) = 13.14 (p = 0.002)), but there were no
main effects of Order (F(1,19) = 0.001 (p = 0.977))
and interaction (F(1,19) = 0.014 (p = 0.905)). From
these results, it is clear that these two groups showed
no difference in the mean PTT.
Figure 2 shows the ISI effects for all subjects.
/banana/ with a 0.15 sec ISI needed a longer time for
the perceptual transition to occur than that with 0 sec
ISI.
Table 1: Mean PTT of ASC and DSC (in sec).

ba

n

a

n

ASC
DSC

a

ISI 0
7.18
7.80

ISI 0.15
32.38
31.38





The ascending order group (ASC) heard the
stimulus sequences in the following order:
/banana/ with a 0 sec ISI, /banana/ with a
0.15 sec ISI, emphasized /banana/, /bamana/,
and /nanaba/.
The descending order group (DSC) heard
stimulus sequences in the following order:
/banana/ with a 0.15 sec ISI, /banana/ with a
0 sec ISI, emphasized /banana/, /bamana/,
and /nanaba/.

Start time of sequences (t0) and click time (tc)
were recorded on a computer, and the perceptual
transition time (PTT) was calculated by subtracting
t0 from tc. Obtained PPTs from individual subjects
were averaged for each stimulus.
After perception tests were completed, we also
asked each subject what they perceived the sound to
be.
3. RESULTS

Mean PTT (sec)

Figure 2: The effect of ISI in normal /banana/ for all
subjects.

35
30
25
20
15
10
5
0
ISI 0 sec

ISI 0.15 sec

3.2. Real words vs. nonsense words

Figure 3 shows the results for real words vs.
nonsense words. Perceptual transition occurred even
with nonsense words. As Fig. 3 shows, the mean
PTTs for emphasized /banana/, /bamana/, and
/nanaba/ were longer than the mean PTT for normal
/banana/. ANOVA showed a significant difference
among these words (F(3,42) = 5.259 (p = 0.004)). A
post hoc test was performed and revealed a
significant difference between normal /banana/ and
/nanaba/ (p = 0.0003). /nanaba/ is a nonsense word
in which the syllables of /banana/ are transposed. No
other significant differences were found.

3.1. ISI effects

3.3. Illusory words in perceptual transition

In the case of the 0.15 sec ISI, perceptual transition
did not occur for one subject in the DSC. Table 1
shows the results for the ASC and DSC. In the case
when ISI was 0 sec, the mean PTT for the ASC was

Table 2 shows the illusory words that were
perceived by each subject when perceptual transition
occurred. When the ISI was 0 sec, six subjects
perceived “banan”, and two subjects “banano”.
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When the ISI was 0.15 sec, two subjects perceived
“banan” and two subjects “wanana”. Moreover,
auditory stream segregation occurred for one subject.
She perceived /banana/ (0.15 sec ISI) as two
separate perceptual streams (/nba/ and /na/). When
the ISI was 0.15 sec, the words that subjects
perceived differed from those perceived when the
ISI was 0 sec.
Figure 3: Mean PTT for each word. normal: normal
/banana/; emphasized: emphasized /banana/.
35
Mean PTT (sec)

30
25
20
15
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5
0
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emphasized /bamana/

Order
ASC

ISI 0
banan
tanan
banan
nanto
banan
nanpa

B

DSC

C

ASC

D
E

DSC
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tonen
banan

F

DSC

G
H

ASC
DSC

banano
barano
bararo
banono
banan
banano

I

ASC

J
K

DSC
ASC

L

DSC

banan
bananu
kadan
ganani
banan
tanan

Perceptual transition occurred when the ISI was 0.15
sec. As the ISI lengthened, so did the PTT. Stimulus
length of normal /banana/ was 0.365 sec (Fig. 1).
When the ISI was 0 sec, subjects heard the stimulus
about 22 times before perceptual transition occurred
(mean PTT was 7.5 sec), while when the ISI was
0.15 sec (mean PTT was 31.9 sec), they heard it
about 62 times. Thus, subjects needed to hear more
stimuli before perceptual transition when the ISI was
0.15 sec than when the ISI was 0 sec. One
explanation for this phenomenon is satiation [4, 5, 2].
Subjects satiate when they hear repeated stimuli,
which triggers a criterion shift in category boundary,
which in turn leads to perceptual transition.
According to the study by Efron [1], speech rate in
everyday speech is ~12 phonemes/sec, (the length of
one CV syllable is approximately 0.16 sec). Thus, an
ISI of 0.15 sec is nearly equal in duration to one
syllable. A pause equivalent to one syllable may
delay satiation.

/nanaba/

Perceptual transition occurred even in nonsense
words. The mean PTT in the nonsense words,
however, was longer than the mean PTT in the
normal word /banana/ (Fig. 3). Moreover, the mean
PTT varied according to word type. Specifically, the
mean PTT for /nanaba/ was the longest in normal
/banana/, emphasized /banana/, /bamana/, and
/nanaba/. The nonsense word /nanaba/ transposes the
order of the syllables in /banana/.
From these results, we may consider two main
factors about VTE mechanisms. One is the masking
effect. In general, the acoustic intensity of /ba/ is
stronger than that of /na/. Moreover, in normal
utterances, the acoustic intensity of a word-final
syllable is weaker than that of a word-initial syllable
(i.e., the ending of a word is pronounced weakly).
The acoustic intensity difference between /ba/ and
final /na/ in normal /banana/ (about 10.8 dB) was the
same as that between initial /na/ and /ba/ in /nanaba/
(about 11.0 dB). Namely, the size of backward
masking in /nanaba/ was almost the same as that in
/banana/. This means that backward masking
probably does not affect PTT. As for the case of
emphasized /banana/, although the difference in
acoustic intensity between /ba/ and the final /na/ is
small (about 0.4 dB), as is seen in Fig. 1, the mean
PTT in emphasized /banana/ was not so much longer
than that in normal /banana/. Therefore, the
difference in acoustic intensity probably does not
affect perceptual transitions.
The other reason may be that /nanaba/ is a
nonsense word. The processing of nonsense words
in the brain may be different from meaningful words.

Table 2: Perceived illusory words for each subject.
Subject
A

3. DISCUSSION

ISI 0.15
banaka
kanano
wanana
wanana
tarano
tanano
ASS
warana
baran
banan

warano
banan
nanpa
narano
*
yaneno
porando
**

ASS: Auditory stream segregation occurred.
*: The sound that subject D heard was indistinct.
**: Perceptual transition did not occur in ISI 0.15
sec.
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However, the mean PTT in the nonsense word
/bamana/ did not significantly differ from that in the
normal /banana/.
As for the illusory words, six subjects heard the
word “banan”, when the ISI was 0 sec. When the ISI
was 0.15 sec, however, subjects heard a range of
illusory words. The perceived illusory words varied
widely among the subjects when the ISI was 0.15
sec, which may be an effect of fading satiation.
Alternatively, the mechanism underlying the
occurrence of illusory words may differ from the
case of ISI 0 sec. In any case, future experiments
will be needed.
4. CONCLUSION
Although the verbal transformation effect has
generally been thought to occur only with no pauses
between repeated stimuli, we found that in this study
it did occur in cases of inter stimulus interval of 0.15
sec. When the inter stimulus interval was 0 sec, 7.5
sec elapsed before perceptual transition occurred.
However, when the inter stimulus interval was 0.15
sec, 31.9 sec elapsed. Thus, an increase in inter
stimulus interval could have reduced satiation.
When the syllables in a real word were transposed,
the perceptual transition time differed significantly.
Differences in acoustic intensity between wordinitial syllables and word-final syllables probably
did not affect perceptual transition time, and we aslo
found that perceived illusory words varied with inter
stimulus interval.
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ABSTRACT
Articulatory control can be quantified in various
ways. Clinical studies frequently use maximum
performance measures (diadochokinesis or DDK) to
elicit speakers’ maximum rate of repeating syllable
sequences. Psycholinguistic studies, on the other
hand, often use tongue twister phrases to elicit speech
errors in healthy populations. Although both tasks
require speakers to rapidly alternate between similar
syllables, no direct comparison has been made to
investigate the expected overlap between speakers’
performance in these two tasks. We collected speech
data from 78 healthy young adults, testing their
maximum performance on syllable repetitions and
tongue twister sentences, and their habitual reading
rate. Our results show that individual maximum
speech rate in tongue twister sentences was predicted
by maximum DDK rate, illustrating that both tasks
contain elements of articulatory control. Speakers’
habitual sentence reading rate was, however, not
correlated to their maximum rate, highlighting a
dissociation between maximum and actual
performance in speech rate.
Keywords: speech production; articulatory control;
maximum performance
1. INTRODUCTION
Speech is practiced daily by most of us, yet speech
production can be complex and challenging. The
complexity of speech production is illustrated by the
experience of ‘twisting one’s tongue’ when trying to
produce sentences like ‘She sells seashells on the sea
shore’, in which speakers have to alternate between
/s/ and /ʃ/ at word onsets. What articulatory control
abilities enable speakers to produce this fluently?
Clinical evaluation of articulatory control often
uses repetitive syllable sequences for assessing
speech motor capacity in persons with speech
disorders (e.g., dysarthria [1]). In this so-called
diadochokinesis (henceforth DDK) task, speakers are
asked to repeat the same syllable as fast and as
accurately as possible (e.g., ‘papapapa…’) or to
alternate between syllables (e.g., to produce ‘pataka’
repeatedly). The latter task thus asks speakers for
their maximum performance (in terms of rate and
accuracy) in quickly alternating between syllables
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that only differ in place of articulation of the onset
consonant:
labial-alveolar-velar.
Likewise,
production of tongue twister sentences also requires
speakers to alternate between similar onset
phonemes, between similar onset clusters, or between
singleton onset phonemes and onset clusters.
Evidently, production of a meaningful sentence such
as a tongue twister sentence entails more linguistic
processing than repeating nonsensical syllable
sequences. First, a tongue twister sentence requires
reading or memorising of a longer fragment than a
DDK stimulus. The longer fragment naturally has
more variegated alternation between similar syllable
onsets than a DDK stimulus. Second, sentence
production entails grammatical and semantic
processes that are absent in sequence repetition.
Although both DDK and tongue twister tasks
contain elements of articulatory control, to our
knowledge, no study so far has investigated the
relationship
between
speakers’
maximum
performance on these two tasks. This is most likely
due to the former (DDK) task being typically used in
a clinical setting [1-3], and the latter task being
mainly used in psycholinguistic studies [4-6] as a
means to elicit speech errors from healthy speakers.
To quantify articulatory control from different angles,
we examined variation within and associations
between maximum performance in the two speech
tasks, in a healthy adult population.
Reference rates for healthy control speakers
already exist for DDK in multiple languages,
including Dutch [7]. Additionally, several studies
have investigated rate differences between DDK
performance on repetitions of non-words versus real
words in native speakers of multiple languages [8, 9].
As speakers have access to stored motor programmes
for real words, but not for non-words, maximum
performance can be expected to be better for word
than non-word repetition. Indeed, school-aged
children as well as healthy older adults achieved
faster repetition rates in producing real word relative
to non-word stimuli in DDK tasks [8, 9].
In addition, several clinical studies have addressed
the question of whether patients’ DDK performance
is actually representative of their ‘normal’ speech
behaviour, operationalised as their habitual speech
rate in sentence reading. Some have stressed the
discrepancy
between
patients’
maximum
performance on DDK stimuli and their sentence

reading rate [10], thereby questioning the utility of
DDK as a clinical measure. Others have observed that
habitual rate in healthy adults is associated with their
maximum articulation rate, but note that they have
used the very same reading materials for eliciting
both habitual and maximum rate [11].
In this study, we aimed to quantify articulatory
control using two maximum performance speech
tasks (a DDK and a tongue twister task) that require
fast and accurate alternation between similar
syllables. Through the novel combination of these
two speech tasks, we aimed to achieve the following
three objectives. First, through the maximum
performance speech rate and accuracy measures, we
investigated the variability in a sample of young
healthy adult speakers on stimuli that differ in the
level of linguistic content (ranging from non-words to
real words to tongue twister sentences). Second, we
examined whether speakers’ tongue twister
performance is related to their maximum articulatory
(DDK) performance, as measured with words and
non-words, to explore the underlying articulatory
control mechanisms these measures may reflect.
Third, we investigated whether speakers’ maximum
rate measures (in DDK and tongue twister tasks) are
associated with their habitual sentence reading rate.
2. METHODS
2.1. Participants

In total, 78 participants (age: M = 23 years, SD = 3;
61 females) completed the speech tasks in the Centre
for Language Studies lab at Radboud University
Nijmegen. They were reimbursed for their time
through course credits or gift vouchers. Participants
were all native speakers of Dutch, with no speech,
hearing, or reading disabilities, nor past diagnosis of
speech pathology or brain injury. Normal or
corrected-to-normal vision was also required. All 78
participants gave informed consent for their audio
recordings to be analysed.
2.2. Description and analysis of the speech tasks

Two speech tasks were used to elicit participants’
maximum performance (rate and accuracy) as indices
of their articulatory control. An additional sentence
reading task was used to gather data for participants’
habitual speech rate. Stimuli of all three tasks were
presented using PowerPoint slides on a 24’’ full HD
monitor placed on a table in front of the participant.
Recordings were made using a Sennheiser ME 64
cardioid capsule microphone through a pre-amplifier
(Audi Ton) onto a steady-state 2 wave/mp3 recorder
Roland R-05 in a sound-attenuating recording booth.
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The first author monitored participants’ task
progress and controlled the changing of stimulus
slides outside the recording booth on the stimulus
computer (Dell Precision T3600).
2.2.1 DDK task description and analysis
Clinical DDK task normally contains repetitions of
mono- and tri-syllabic nonsense words such as ‘pa’
and ‘pataka’. Given the focus of this study on
alternating articulatory movements, we only selected
the commonly used tri-syllabic non-word ‘pataka’
/pataka/, and added the reversed syllable-order
variant ‘katapa’ /katapa/. In addition, two common
real Dutch words that were closest to the nonsense
words ‘pataka’ and ‘katapa’ were added: ‘pakketten’
/pɑˈkɛtə(n)/ (packages) and ‘kapotte’ /kaˈpɔtə/
(broken). Whereas no stress pattern was available for
the non-words, both real words had lexical stress on
the second syllable. The mono- and di-syllabic
nonsense stimuli (‘pa’, ‘ta’, ‘ka’, ‘pata’, ‘taka’) were
presented as practice trials. All of the nonsense words
used here were phonotactically legal in Dutch.
During the task, each DDK stimulus was
presented in the centre of a full-screen PowerPoint
slide. To elicit repetitive production of the stimulus,
multiple (nonsense) words were presented next to
each other, for instance "patakapatakapataka...".
Participants were instructed to repeatedly produce the
presented stimulus as accurately and as fast as
possible. A pre-recorded example was played prior to
the practices to familiarise the participants with the
task. A brief line of text reminding them about
accuracy and speed of repetition was constantly ondisplay at the top of each slide. A 2-second pause
(preparation time) followed by a 75-millisecond
beep-tone was used to mark the start of articulation.
Each stimulus was to be repeated for around 10
seconds. Mean DDK task duration was three minutes.
Participants’ maximum performance in terms of
articulation rate and accuracy was analysed
acoustically in Praat [12]. Most participants were
already making some errors in a 3-second time
window, but errors generally increased in longer time
windows. We therefore opted for a relatively long
time-window (7s) to capture accuracy and rate in a
reliable and representative way.
Individual DDK articulation rate (syllables/sec)
was calculated by multiplying the total number of
correct-and-full (non)words produced by each
participant in a 7-second time window (or as close to
7-second as possible for the repetition counts to be an
integer) by three (syllables), and divided this number
of total syllables by the actual production time (totalduration minus error-duration, in-breaths, and pauses
longer than 200 ms between repetitions).

Individual DDK accuracy (fraction) was
calculated as number of correct and full repetitions
divided by number of all repetitions in the same 7second time window. A repetition was only counted
as correct if it did not contain any form of error or
pauses longer than 200 ms within the sequence.
2.2.2 Tongue twister task description and analysis
Following Wilshire’s (1999) tongue twister paradigm
[13], we selected four tongue twister sentences that
contain a combination of repetition and alternation of
word-initial consonants (e.g., poes kotst postzak, and
frits vindt vis frietjes). Below are the four Dutch
tongue twister sentences that were used as test stimuli
with their literal English translations in parentheses:
•
De poes kotst in de postzak
(The cat puked in the mail bag)
•
Frits vindt visfrietjes vreselijk vies
(Frits finds fish-fries terribly gross)
•
Ik bak een plak bakbloedworst
(I fry a slice of blood-sausage)
•
Papa pakt de blauwe platte bakpan
(Daddy grabs the blue flat frying pan)
Prior to the task stimuli, two additional tongue twister
sentences were presented as practice stimuli:
•
Slimme Sjaantje sloeg de slome slager
(Smart Sjaantje hit the slow butcher)
•
Bakker Bas bakt de bolle broodjes bruin
(Baker Bas bakes the round buns brown)
Participants were instructed to repeat the tongue
twister sentences minimally five times as accurately
and as fast as possible. As in the DDK task, tongue
twister stimuli were each presented in the centre of a
full-screen PowerPoint slide with a reminder of the
accuracy and speed of repetition. A picture related to
the meaning of each tongue twister sentence (e.g., a
blue frying pan) was shown on the same slide, and
disappeared after about two seconds (preparation
time). Participants were instructed to start repeating
the tongue twister as soon as the picture disappeared.
Mean tongue twister task duration was four minutes.
Maximum performance (rate and accuracy) was
analysed acoustically in Praat [12]. Individual tongue
twister rate (syllables/sec) was calculated by
averaging the articulation rate of the correct
repetitions of the four tongue twister sentences. Rate
of each correct stimulus was measured by dividing
the number of syllables in a tongue twister sentence
by the time used for that repetition.
Similar to accuracy measures in the DDK task,
individual tongue twister accuracy (fraction) for the
first five repetitions per sentence was calculated by
number of correct and fluent repetitions divided by
five. A repetition was counted as fluent if it did not
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contain any form of error or pause longer than 200 ms
in the tongue twister sentence.
2.2.3 Sentence reading task description and analysis
In addition to the two maximum performance speech
tasks, participants also performed a sentence reading
task. The reading task contained 48 meaningful Dutch
sentences that are between 12 and 16 syllables in
length (e.g. De grote kat heeft de vaas per ongeluk
gebroken ‘The big cat has accidentally broken the
vase’). Participants were instructed to read the
sentences fluently in a natural way. Habitual
articulation (HA) rate (syllables/sec) of each speaker
was averaged across all 48 sentences.
3. RESULTS
3.1. Quantifying variability in speech performance
Table 1: Speech task performance.
CV corresponds to coefficient of variation as a
variability index ((SD/mean)*100%).
Rate (syll./sec)

Accuracy (fraction)

Mean

SD

CV%

Mean

SD

CV%

6.33

0.71

11.2

0.94

0.06

6.2

5.91

0.93

15.8

0.89

0.10

10.7

Tongue
Twister

4.22

0.49

11.5

0.59

0.16

26.8

Habitual
Articulation

5.62

0.61

10.9

/

/

/

DDK
(real word)

DDK
(non-word)

Table 1 presents the descriptive statistics of the two
maximum performance speech tasks and the sentence
reading task. Rate and accuracy measures averaged
over task stimuli were entered as dependent variables
in two models for rate and accuracy respectively.
Task (DDK real word, DDK non-word, and Tongue
Twister) was entered as the fixed effect of interest,
with participant as random effect [14]. Results from
linear mixed-effects analysis, using the lme4 package
[15], showed that real word DDK performance is
significantly better than non-word DDK performance
for both rate (t = 5.45, p < .001) and accuracy (t =
2.71, p < .01). Maximum performance in the tongue
twister task is significantly worse than in DDK nonword repetition (t = -25.17, p < .001 and t = -18.24, p
< .001 for rate and accuracy respectively). This
indicates that the difficulty level of repetitively
producing tongue twister sentences is relatively high
for healthy young adult speakers, possibly also due to
the fact that the tongue twister sentences contain
syllables of varying complexity (e.g., some have
consonant clusters) and voicing alternation in
consonants. Furthermore, the more difficult the

speech task, the higher the variability in accuracy
between speakers, as evident from the coefficient of
variation values (cf. Table 1).
3.2. Correlations between maximum performance
measures and between maximum and habitual rate

Our second question was whether individual’s
maximum performance in tongue twister and DDK
tasks are associated. Figure 1 below shows the
between-task correlations for maximum rate.
Figure 1: Correlations between maximum rate
measures in tongue twister and DDK (real word to
the left and non-word to the right) tasks.

Rates in the two maximum performance speech tasks
correlated significantly (r = .53*** for tongue twister
and DDK real word rate, r = .50*** for tongue twister
and DDK non-word rate). Accuracy of tongue twister
production was not correlated with DDK accuracy:
neither for DDK word stimuli (r = .13), nor for DDK
non-word stimuli (r = .16). This lack of association
between accuracy levels may be due to limited
variability in DDK accuracy (cf. Table 1).
Our last question was whether speakers’
maximum rate measures are associated with their
habitual sentence reading rate. None of the
correlations between rate performance measured in
the two maximum performance speech tasks on the
one hand and habitual articulation rate on the other
reached significance (all r values < .14), suggesting
that speech rates which speakers can maximally
obtain alternating between similar syllables are not
clearly reflected in their habitual sentence reading.
4. DISCUSSION
In this study, we investigated articulatory control in a
young adult speaker sample through examining their
maximum performance (rate and accuracy) in two
speech tasks as indices of articulatory control. More
specifically, we used a repetitive syllable-sequence
production (DDK) task, which is often used in clinical
settings, and a tongue twister task, which is typically
used as an experimental means to elicit speech errors
in non-clinical populations.
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The descriptive statistics show that maximum rate
in DDK non-word production and maximum
accuracy in tongue twister production were highly
variable, even in our homogeneous young and nonclinical speaker group. This variability illustrates that
speakers differ considerably in their articulatory
control ability.
Our observation of faster DDK performance on
real words than nonsense sequences is in line with
findings for other languages with school-aged
children and older adults [8, 9]. This may suggest that
speakers were better able to rapidly move their
articulators in the correct manner when they are more
familiar with the required motor programmes.
Alternative explanations, however, cannot be ruled
out. For instance, confounded with lexicality, words
in Dutch have lexical stress patterns (and hence
involve unstressed syllables that are reduced
acoustically) that are lacking in meaningless
sequences like ‘pataka’ or ‘katapa’. Additionally, the
word sequences also contained short vowels whereas
the non-words only consisted of long vowels, which
might have contributed to the rate differences
observed between real and nonsense words too.
Our second aim was to examine whether speakers’
tongue twister performance is related to their
maximum articulatory (DDK) performance, given
that both tasks require rapid alternation between
similar syllables. Maximum speech rates but not
accuracy measures in the two speech tasks were
correlated. The rate correlation suggests that both
tasks contain elements of speakers’ ability to plan and
execute similar articulatory programmes, despite
differences between tasks in terms of difficulty level,
length of the speech stimuli, and the amount of
linguistic processing involved. This then provides
evidence for both tasks tapping articulatory control.
Our third and last aim was to assess whether
speakers’ habitual articulation rate, as measured with
a sentence reading task, is associated with their
speech rate on (either of) the two maximum
performance measures. In line with patient data [10]
and with rate measures of speakers’ semispontaneous speech [16], maximum rates obtained
with neither DDK nor tongue twister production were
predictive of speakers’ habitual articulation rate.
These results highlight a dissociation between
maximum and actual performance in speech rate,
likely due to differences in task demands.
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ABSTRACT
The quality of phonological representation (QPR)
influences performance on tasks of phonological
awareness (PA) and can be used as its measure.
Recent studies agree that QPR may be assessed by
production accuracy, speech-sound perception and
phonological processing. This paper describes the
development of a phoneme awareness task (PhA) for
/r/ in Croatian. The PhA task (type: Odd-one-out) was
administered as part of a larger battery to 600 children
aged 3-7. The stimuli were sets of three nonsense
words differing in the initial consonant or the syllabic
/r/. The task is developmentally sensitive, with the
oldest participants obtaining the highest scores. The
best mastered contrast is /r-j/, followed by /r-l/ and /rʋ/. A higher correct score was found for strings in
which /r/ is not the odd one. The differences between
the organization of existing and new phonological
knowledge is discussed.
Keywords:
Phonological
representations,
phonological awareness, phoneme awareness task.
1. INTRODUCTION
Phonological development includes the development
of phonological representations but also of
phonological
processing.
Phonological
representations (PRs) are cognitive constructs
containing information about language units stored in
the long-term memory. Munson et al. [9,10] use the
term phonological knowledge for information stored
in the phonological representations. The knowledge
includes perceptual and articulation representations,
phonological knowledge and socio-indexical
information. A similar model based on the theoretical
framework of dynamic systems is proposed by
Rvachew and Bernhard [14], in which the emergence
of new phonological knowledge is based on the
acquisition of the new acoustic phonetic knowledge,
i.e. the perceptual category of a particular phoneme
(articulatory phonetic knowledge, differentiation
from the pre-existing phonological factors, lexical
factors such as vocabulary size, neighbourhood
density, phonotactic probability and phoneme
frequency as well as environmental and biological
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underpinnings). PRs develop gradually and contain
different types of information. Phonological
processing on the other hand includes three
dimensions: PA, phonological recoding in lexical
access and phonetic recoding in working memory
[24]. It is widely accepted that QPR is measured by
phonological
processing
tasks
and
that
underdeveloped PRs or, lower quality PRs negatively
influence phonological processing. Recent studies
either examine general quality of PRs [1, 2, 7], or
tackle the relations among articulation accuracy,
phonological awareness and perceptual development
[4, 5, 8, 15, 16, 18, 19, 20]. It can be concluded from
those studies that the QPR is usually measured by
articulation accuracy, speech sound perception and
phonological processing. These three dimensions
should be part of the QPR assessment battery. It
seems that the PA measures in the QPR batteries
should not assess general PA abilities as in
standardized tests, but the quality of phonological
representation of a target phoneme. PA tasks should
be developed with controlled linguistic material for
each target phoneme, number of items in the task and
the type of PA task. Theoretical models of QPR often
do not explore the ability to develop new
phonological knowledge. This ability is usually
measured by vocabulary learning tasks [3] but it
seems that there is no study that would explore the
development of new PRs from the existing ones and
this research question should be further explored. The
PhA task described in this study is a part of a larger
battery targeting development of phoneme /r/ in
Croatian. The battery included measures of
articulation accuracy, phonological working memory,
perceptual information in PR, phoneme awareness
(PhA) and the relation between perception and
articulation of the target phoneme [22]. Phoneme /r/
was chosen because it is acquired last in Croatian
children’s phonological development [21, 23].
2. MATERIAL AND METHOD
2.1. Participants
600 typically developing children aged 3 to 7
participated in the study (300 F and 300 M). They
comprised four one-year age groups (3;0–3;11, 4;0–

4;11, 5;0–5;11, 6;0–6;11 ), each represented by 75 M
and 75 F participants. The parents reported no
disabilities or developmental delays and provided
signed consent.
2.2. Task
2.2.1. Task development
QPR was assessed by the Odd-one-out task in which
participants were asked to listen and recognize the
word in a set of words that started with a different
phoneme. Children were presented with a set of three
nonsense words, two sharing the initial phoneme.
Similar tasks are reported in literature [16, 19]. This
task was designed to assess phoneme awareness
excluding the possibility of item categorization based
on another criterion, i.e. meaning among younger
participants. The patterns for stimuli development
were the following:
(1)
(one of the typical developmental
substitutions of /r/: /r-j/ or /r-ʋ/ or /r-l/) + vowel + stop
(2)
stop

syllabic /r̩/. The word containing /r̩/ was the odd item
in one example and in the other it was the word a
vowel. Except for the linguistic criteria, item
placement on the screen was also controlled, since
younger participants often point to the same place
regardless of the stimuli [18, 19, 20].
The audio stimuli were recorded in studio
conditions with professional equipment. The speaker
was 31-year-old male speaking Standard Croatian.
2.2.2. Task administration
The children were tested individually in a familiar
preschool setting by a trained researcher or two
research assistants. The task was administered in the
form of a simple computer game. Three monsters
appeared on the screen saying their unusual names.
Their names are the stimuli presented in Table 1.
Figure 1: Screen layout for the PhA task.

/p/ + (/r̩/ or its typical vowel substitutions) +

Table 1: Nonsense words used in the phoneme
awareness task (PhA).

No.

Item
1

Item
2

Item
3

0a
0b
0c
1
2
3
4
5
6
7
8

tub
kik
tuk
rap
pid
jup
rid
rag
pid
rub
rip

kug
kib
dup
rag
prk
jud
vig
lap
prp
rut
vig

tut
pit
dut
lat
prb
rug
rip
lab
puk
juk
vit

Odd
item
2
3
1
3
1
3
2
1
2
3
1

Contrast
place of art.
place of art.
voiceness
/r-l/
/r̩/ (syllabic)
/r-j/
/r-ʋ/
/r-l/
/r̩/ (syllabic)
/r-j/
/r-ʋ/

The task included three practice items (marked 0a,
0b and 0c in Table 1) which did not include the target
phoneme. The vowels used in the stimuli were /i, a,
u/ because of their perceptual prominence [11, 12, 13]
while the stops were used because they are considered
less marked in the final position. In the stimuli with
/r̩/ (syllabic), phoneme /p/ was used for similar
reasons. Each pair of /r/ and typical developmental
substitutions occurred twice. In one example, the
word beginning with /r/ was the odd item and in the
other it was the word beginning with a typical
substitution. The same was applied for strings with
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The children were told that the monsters had
strange names which they would hear in a moment
and that the two monsters whose names started with
the same sounds were friends and the third one was
not. For the syllabic /r̩/ task the instruction was that
the names sounded differently. An example of the
screen is shown in Figure 1. After pointing to the
monster whose name began with a different phoneme
the monster representing the odd stimuli became red.
The maximum score was 8. Cronbach alpha is not
high (α=0.417), which is not unusual for such tasks.
Similar studies [19] report Cronbach α=0.4 for
phoneme /r/ and 0.2 for phoneme /l/.
3. RESULTS AND DISCUSSION
The percentage of correct responses for each age
group is shown in Table 2. 440 participants scored
above baseline, meaning above average (four correct
answers on the eight-item task), indicating
development of phonological awareness.
The results confirm that the task is
developmentally sensitive. The comparison of group
results reveals a developmental continuum (based on
repeated measures ANOVA and Sidak’s post hoc
tests; F (7, 432) = 10,74 p < 0.001). The difference
between 3-year-olds and 5 and 6-year olds is
statistically significant (p < 0.001) as well as the
differences between 4-year olds and 6-year-olds. The

results also show that the task is not inappropriate for
participants aged three, since simpler tasks do not
reveal developmental patterns.

Table 3: Percentage of correct responses depending
on the odd item (N= 440).

Table 2: Percentage of correct responses in the PhA
task (N=440).

Age
group
3;0–3;11
4;0–4;11
5;0–5;11
6;0–6;11

N of
participants
82
107
119
132

%
correct
46%
51%
56%
63%

the difference is statistically significant. The results
for all strings of stimuli are shown in Table 3.

Odd items beginning
with /r/ or having /r̩/

s. d.
0.10
0.17
0.16
0.18

rag, lap, lab

%
correct
33%

jup, jud, rug

61%

rub, rut, jug

59%

rip, vig, vit
pid, prp, puk
Average

33%
32%
39%

rid, vig, rip
pid, prk, prb
Average

50%
40%
53%

Stimuli

Similar studies revealed similar results and
difficulties. All studies show relatively low scores
when administered to younger children. Smaller
samples studies show that the average scores are 36%
for 3-year old children and 43% for four year olds
[16]. Phoneme recognition in initial position in words
used in Chaney’s study [4] included a two-item task
with lexical words. Only 14% percent of 3-year olds
met the 80% criterion. Neither do Foy and Mann [7]
report higher scores on similar tasks. The tasks used
in their study, although slightly different and
administered to a rather heterogeneous sample of 40
children aged between four and six show low average
results (15%) as well. Thomas and Sènèchal [20]
assessed phonological awareness using three
phoneme discrimination tasks; one was two-item
nonsense words, the second was a phoneme
judgement task detecting misarticulations of the
phoneme /r/ and the third was a phoneme recognition
task with three lexical items, two being either /r-l/ or
/r-w/ minimal pairs (i.e. ring-wing) and the third item
serving as a foil. The average result for 3-year-olds
on all three tasks was 5.7 or 47% (maximum score in
3 tasks was 12) and 5.9 or 49% for 4-year-olds.
Unfortunately, the authors give cumulative score for
the tasks, which limits the comparison with the results
of this study as well as the administration of another
task with older children in later stages of their study.
Somewhat higher scores for 3-year olds compared
with our results can be explained by the number of
items in the task they applied – two nonsense items or
three lexical words, one item differing completely
(bed). Nevertheless, it can be concluded that the
developmental results follow the patters reported in
similar studies but also share methodological issues.
It is frequently reported that adequate PA tasks for
different age groups with controlled linguistic criteria
need to be developed.
The results also show that higher scores in the PhA
task were obtained for the odd items beginning with
one of the phonemes found in the developmental
substitutions and not for those beginning with /r/ and
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Odd items NOT
beginning with /r/ or
having /r̩/
%
Stimuli
correct
rap, rag, lat
63%

In order to recognize the target item in the strings
in which it begins with /r/ the item must be perceived,
kept in working memory while the new phonological
knowledge is being applied. If the PR of the phoneme
/r/ is immature, it will influence the results of
phoneme categorization. The highest result was 63%
of correct responses for /r-l/ opposition in which the
odd item began with /l/, while the string with the same
opposition but the opposite odd item beginning with
/r/ was among the lowest. This can imply that lower
quality PR of the phoneme /r/ does not provide
enough phonological knowledge to complete the
categorization task of the examined phoneme. The
results for phoneme oppositions show the highest
percentage of correct responses for /r-j/ opposition
regardless of the initial phoneme. This would suggest
that the phonological representation of the phoneme
/j/ is mature and developed, which is supported by the
results from articulation accuracy task in the battery
– articulation of phoneme /j/ is fully developed in the
entire sample. Therefore, phoneme /j/ could be
considered a control phoneme in this task. Although
Thomas and Sènèchal [19] show cumulative results
for all tasks, the results for their control phoneme /m/
showed higher percentage of correct responses in
both perceptual and PA tasks. On the other hand,
phonological representations of /r/ and /l/ are in the
process of development and therefore show lower
scores on both perception and categorization tasks at
the age of four. The results in this study follow similar
patterns.
The results for the phoneme oppositions in
different age groups are shown in Table 4. Age group
comparison for /r-j/, /r-l/ and /r-ʋ/ oppositions
revealed significant differences between the oldest
age group and other three groups.

Table 4: Percentage of correct responses depending
on the phoneme opposition in all age groups (N=
440).

/r̩-vowel/

/r-ʋ/

/r-l/

/r-j/

Contrast

Age group
3;0–3;11
4;0–4;11
5;0–5;11
6;0–6;11
3;0–3;11
4;0–4;11
5;0–5;11
6;0–6;11
3;0–3;11
4;0–4;11
5;0–5;11
6;0–6;11
3;0–3;11
4;0–4;11
5;0–5;11
6;0–6;11

%
correct

s.d.

56%

0.34

63%

0.35

72%

0.33

84%

0.29

52%

0.29

53%

0.34

56%

0.31

67%

0.30

38%

0.33

44%

0.33

50%

0.35

60%

0.32

38%

0.34

43%

0.36

47%

0.36

42%

0.34

Croatian, making the phonological knowledge stored
in the phonological representation insufficient for the
categorization task. The third reason could be that the
children do not perceive syllabic /r̩/-vowel as a
contrast because children often produce words with
syllabic /r̩/ with other developmental substitutions.
For example, the word prst (engl. finger) can yield
developmental renditions as /pəlst/ and not only
/pust/, /pist/ or /pəst/. However, based on the two
strings in this task it can only be concluded that the
PR of /r/ and syllabic /r̩/ differ developmentally and
that further research with more stimuli and /l/
substitutions of the syllabic /r̩/ is needed.
4. CONCLUSION
The results show that phoneme awareness task
targeting a particular phoneme is a developmentally
sensitive measure of QPR. Linguistic analysis shows
the quality of the existing phonological knowledge
within PR and the emergence of the new knowledge
related to the formation of perceptual category. QPR
explains the higher percentage of correct responses
for /r-j/ since PR for phoneme /j/ can be considered
developed, but also the development of the new
phonological knowledge is evident from the results of
/r-l/ oppositions.

The children scored lower on the /r-l/ opposition
than on the /r-j/ pair, since PR of /l/ develops later and
PA of the /r-l/ contrast also exhibits significant
between-group differences: 5-year-olds scored higher
than 3-year-olds, but lower than 6-year-olds. The
other two oppositions: /r-ʋ/ and /r̩-vowel/ show
different patterns. The results for the /r-ʋ/ string also
showed significant differences between the 5-yearolds and 3-year-olds. The lower percentage of correct
responses for the /r-ʋ/ string could be explained by the
development of perceptual category and its acoustic
properties being the reason why in English various
synthesized stimuli are perceptually categorized as
/w/. However, this may not be the case in this task
because the percentage of correct responses for the /rʋ/ opposition in perception tasks used in the battery
was higher than 80%. The reason can be the
characteristics of the stimuli, duration and
phonological structure. Moreover, children need
more acoustic cues for the categorization of
phonemes with developing PRs [6, 25, 26].
The string with syllabic /r̩/ seems to be difficult for
all age groups showing significant differences only
between 3-year-olds and 5-year-olds. There are
several possible explanations: first it is the position of
the target phoneme in the word influencing task
comprehension and lowering the result. The syllable
[stop+syllabic /r̩/+stop] is a less frequent pattern in
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ABSTRACT
The mapping of phonetic information to lexical
representations in adult and child speech was
examined using cross-modal priming. Native adult
listeners were presented with German word
fragments (e.g., Para- from Parasit, ‘parasite’) that
mismatched in the second vowel with a visual target
word (e.g., Parodie, ‘parody’). Word fragments were
spoken by a female adult speaker or a 7-year-old
child. Overall, response times were faster following
fragment primes spoken by the child. For word pairs
with the vowels /uː/, /iː/, and /aː/, fragments spoken
by the adult speaker primed target recognition with a
directional asymmetry, while no priming was found
for fragments spoken by the child speaker. This
suggests that phonetic-to-lexical mapping is possibly
sensitive to the age of the speaker. The results are
interpreted as an effect of previous experience with
the linguistic competence of child and adult speakers.
Keywords: Lexical activation, vowel mismatch,
child speech, age of speaker, cross-modal priming.
1. INTRODUCTION
Phonetic-to-lexical mapping involves computing
from a continuous speech signal the information that
identifies matching words in the mental lexicon [e.g.,
13, 29]. This process would be most economical if a
mismatch between input and lexical representations
leads to an immediate rejection of mismatching
candidate words. And while it is certainly true that
lexical activation is sensitive to all linguistic
information, empirical evidence suggests that the
process is not quite as parsimonious since activation
of candidate words can be found despite a partial
mismatch [e.g., 10, 19].
By and large, models of spoken-word recognition
assume that the mapping process from phonetic input
to lexical representations is not sensitive to social
aspects, such as to which group of individuals
the speaker of the input belongs to [26]. Recent
research on foreign-accented speech suggests that
this may not always be the case. Foreignaccented speakers typically deviate in their
pronunciation from the norms of the target
language [e.g., 20] and listeners can adjust their
comprehension in line with the
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properties of the foreign-accented productions such
that the same deviations are treated differently
depending on the nativeness of the speaker [4, 8, 12].
It has been argued that experience with the source
properties helps to adjust the comprehension process
from the outset when encountering a (new) foreignaccented speaker.
Foreign-accented speakers are not the only
speakers that recurrently deviate in their
pronunciation from the norms. Children are
“unreliable” speakers too, with a lower linguistic
competence than native adult speakers [e.g., 21]. In
the present study, we tested if the phonetic-to-lexical
mapping process is sensitive to the age of the speaker.
Listeners can recognize the approximate age of a
speaker from his or her voice quite easily [e.g., 15],
and age attributed to a speaker has previously been
found to shift listeners’ perception of vowels that are
currently undergoing a chain shift in a language [7]
and to influence listeners’ interpretation of
conceptual messages [24].
The aim of the present study was to investigate if
adult native listeners map phonetic information to
lexical representations differently in child speech and
in adult speech. In a cross-modal fragment priming
experiment, German listeners heard word onset
fragments as primes (e.g., Para- from Parasit) before
they had to decide if visually displayed target words
(e.g., Parodie) were existing words of German or not.
Prime and target words overlapped in onset but
mismatched in the vowel of the second syllable (e.g.,
/aː/ in Para- and /oː/ in Parodie). Primes were either
produced by a 7-year old child or by an adult speaker.
If speaker age influences phonetic-to-lexical
mapping, then the same mismatches in vowels were
predicted to result in different priming effects,
depending on speaker age.
2. METHOD
2.1. Participants

Thirty-one native listeners of German (21 female), all
students at the University of Tübingen and between
18 and 30 years old (mean age = 23.5, SD = 3.4),
participated in the experiment for monetary
compensation.

Fifty-six German word pairs from [9] were used as
experimental items. The two words of a pair had the
same stress pattern and overlapped segmentally in
onset but mismatched in the vowel of the second
syllable (e.g., Parasit-Parodie, ‘parasite-parody).
Across word pairs, the mismatching vowels differed
in vowel height, backness, and roundedness, and
represented the majority of German monophthongs
[27]. A total of 16 different vowel mismatches were
included. The onset fragments of one word of a pair
(e.g., Para- from Parasit) always served as prime for
the other word (e.g., Parodie). Both words of a pair
functioned as fragment prime for the other word in
different experimental lists (e.g., Paro- also served as
prime for Parasit). Taking stress and vowel quality
into consideration, onset fragments were never
existing German words and only matched up with
their carrier word in German. Since asymmetries in
vowel perception (e.g., /oː/-/aː/ being less confusable
than /aː/-/oː/) have been shown to affect lexical
activation [e.g., 5, 6], direction of vowel mismatch
was coded in the present experiment. For confusable
mismatches, the mismatch might be opaque and not
preclude (pre-)activation of the target word, while for
dissimilar vowels the mismatch might preclude target
activation.
Eighty phonotactically legal nonword pairs were
selected as filler items. In 22 pairs the two onsets
overlapped but mismatched in the second vowel, in
22 pairs they were phonologically unrelated, and in
36 pairs they overlapped fully including the second
vowel. The onset fragment of one nonword of a pair
served as prime for the other nonword.
All words and nonwords were recorded by two
female native speakers of Standard German who are
currently living in Tübingen: a 34-year old adult and
a 7-year old child. Recordings were made in a soundattenuated room with a high-quality microphone and
a sampling rate of 44 kHz. While the adult speaker
read from orthographic transcriptions, the child was
prompted with the adult recordings. Special care was
taken that all items were produced as intended. Onset
fragments were excised using Praat [3]. The durations
of the onset fragments were on average longer in the
child voice than in the adult voice (mean child voice
= 604 ms; mean adult voice = 555 ms; t = -2.7, p <
0.008).

string of letters was an existing word of German or
not.
In the related condition, the target word was
preceded by the spoken onset fragment of its pair
member (e.g., prime Para- from Parasit, target
Parodie). Both pair members served as target and
prime in a Latin-Square design (e.g., prime Parofrom Parodie, target Parasit). In the unrelated
condition, the target word was preceded by the
spoken onset fragment of a segmentally unrelated
word (e.g., prime Elo- from Eloquenz, ‘eloquence’,
target Parodie). All primes used in unrelated trials
also served as primes in the related condition (e.g.,
prime Elo-, target Element, ‘element’). Eight
experimental lists with the 56 experimental items and
the 80 filler items were created. Each experimental
item appeared once in each list, counterbalanced for
the role of target, the relatedness of the prime, and the
speaker of the prime. The order of item presentation
was pseudo-randomized. After the priming task was
completed, participants filled in a short language
background questionnaire.
3. RESULTS
Only trials with correct responses to target words
were analysed. Participants answered on average
84.4 % correctly when the primes had been produced
by the adult, and 84.0 % correctly when the primes
had been produced by the child. Thus, neither the task
nor the different speakers posed considerable
difficulties and performance did not differ for the two
speakers. Reaction times (RTs) faster than 250 ms
and slower than 1200 ms were excluded (0.1 % of the
data).
Figure 1: Mean RTs (in ms) following related and
unrelated primes, presented in adult and child voice.
The vertical bars represent standard errors.
Related

Unrelated
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2.2. Material
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Adult voice
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2.3. Procedure

The experiment was controlled with Presentation
(version 20.1, www.neurobs.com) and participants
were tested individually. In each trial, an onset
fragment was played as a prime over headphones, and
at its offset a string of letters appeared on the screen.
Participants had to indicate with a button press if the
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R [16] and lme4 [2] were used to perform linear
mixed effects analyses on log-normalized RTs. The
full model included relatedness (related, unrelated)
and age of speaker voice (adult, child), as well as
direction of vowel mismatch, lexical frequency of the
target, and target word length as fixed factors.
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fixed factor anchor coded if the anchor vowel
occurred in the prime or in the target. For the adult
speaker, an interaction was found between
relatedness and anchor (β = 0.06, SE = 0.03, t = 2.14,
p < 0.04), and further analyses showed a facilitatory
effect of relatedness when the anchor vowel was in
the prime (β = -0.07, SE = 0.02, t = -3.25, p < .002),
and no effect when the anchor vowel was in the target
(β = -0.002, SE = 0.02, t = -0.09, p > .9). For the child
speaker, only lexical frequency was significant (β =
-3.78, SE = 1.58, t = -2.39, p < .02); relatedness did
not interact with anchor (β = -3.82, SE = 3.04, t =
-1.25, p > .2), and was neither significant when the
anchor vowel was in the prime (β = -0.03, SE = 0.02,
t = -1.49, p > .1) nor when it occurred in the target
(β = -0.005, SE = 0.02, t = -0.25, p > .7; see Figure 2).
Note that when analyzing the subset of 41 targetprime pairs for both speakers together, the new factor
anchor did interact significantly with relatedness
(β = 0.06, SE = 0.03, t = 2.14, p < .04) but not with
speaker age (β = 0.03, SE = 0.03, t = 1.21, p > .2),
thus in fact not licensing the split for the two speakers.
For the complete set of 56 target-prime pairs,
interactions involving direction (rather than anchor),
speaker age, and relatedness did license a split, and
further analyses for both speakers showed the exact
same pattern of results as was found for the subset
with anchor-vowels. Since we found no literature on
German vowel confusions that would allow
theoretically-driven predictions for all 16 vowel
mismatches of the complete set, presenting results
based on just the target-prime pairs with anchor
vowels seemed appropriate. The pattern of results is
however backed up by the analysis of the complete
set of target-prime pairs.
Figure 2: Mean RTs (in ms) for the 41 target pairs
with the anchor vowels /uː/, /iː/, or /aː/, when the
anchor vowel occurred in the prime (Prime_AV)
and when it occurred in the target (Target_AV). The
vertical bars represent standard errors.
Related

mean RTs (ms)

Participants and items were included as random
factors with random slopes. A backward stepwise
selection was applied when no model improvement
was observed [1].
After stepwise selection, the final model showed a
facilitatory effect of relatedness (β = -4.98, SE = 1.81,
t = -2.75, p < .007), faster RTs for primes for the child
speaker (β = -4.41, SE = 1.80, t = -2.44, p < .02), an
effect of lexical frequency (β = -2.50, SE = 9.22, t =
-2.27, p < .007), and marginally non-significant
interactions between direction and speaker age (β =
4.71, SE = 2.54, t = 1.85, p < .07) between direction
and relatedness (β = 6.06, SE = 2.56, t = 2.36, p <
.02), and between speaker age, direction, and lexical
frequency (β = -0.04, SE = 0.02, t = -1.78, p < .08) see
Figure 1).
The interactions called for further analyses. Visual
inspection suggested, that especially for the adult
speaker, vowel mismatches in prime-target pairs
often affected word recognition differently when the
role of prime and target was reversed. For example,
while Para- numerically facilitated recognition of
Parodie, Paro- did not facilitate recognition of
Parasit. It is well-attested that vowel discriminability
can depend on the direction in which vowels are
presented [e.g., 5, 17], and lexical activation has been
shown to be affected by these perceptual asymmetries
[e.g., 6, 10, 25].
The prime-target pairs in the present study
comprised 16 different vowel mismatches, and we
found in the literature no theoretically-driven
predictions about perceptual asymmetries for the
complete set of mismatches. However, the Natural
Referent Vowel (NRV) framework by Polka and
Bohn [14], suggests that there is a universal default
bias for the peripheral vowels /uː/, /iː/, and /aː/ which
is especially relevant during language development
[see also, 18]. While mature perceivers can adapt this
initial bias to optimize access to language-specific
vowel categories, a privileged fit of the peripheral
vowels with human auditory abilities, ensures that the
bias is also relevant for adult listeners and native
contrasts.
Using the NRV framework for exploratory
interpretation of the results, the German vowels /uː/,
/iː/, and /aː/ are anchor vowels in the present study,
and a change from an anchor vowel to a non-anchor
vowel should be harder to detect than a change in the
other direction. In other words, an anchor vowel in
the prime should make the vowel mismatch in the
target opaquer, while the vowel mismatch should be
more transparent when the anchor vowel occurs in the
target. In terms of phonetic-to-lexical mapping, the
prediction would be that vowel mismatches that are
opaque still prime target word recognition, while
vowel mismatches that are transparent do not.
In 41 of our 56 target-prime pairs an anchor vowel
was involved1, and for this subset of items the new

Unrelated
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The results for the adult voice are in line with the
predictions we derived from the NRV framework
[14]: when the vowel mismatch between prime and
target was opaque, the onset fragment of the prime
facilitated recognition of the target word (e.g., Para-

primed Parodie); when the vowel mismatch was
transparent, there was no priming (e.g., Paro- did not
prime Parasit). However, for the child voice, onset
fragments never primed target recognition. Possibly,
the vowel space of the child speaker was warped, and
vowel categories were not distributed as clearly as for
the adult speaker. Figure 3 shows averages for the
first two formants at the midpoint of the mismatching
vowel in the onset fragments (e.g., [aː] in Para- and
[oː] in Paro-), separately for the adult voice and the
child voice. For each voice, a total of 82 vowels were
measured (41 target-prime pairs X 2 members of each
pair). Note, that the number of measurements for each
vowel varies considerably, since vowel type was not
controlled in the experiment (e.g., 25 vowels [aː] for
each speaker and only 3 vowels [ɔ]). As can be
expected, the formant values for the child voice were
higher, but the overall patterning of vowels in the
vowel space seems quite comparable across speakers,
certainly with respect to the anchor vowels /uː/, /iː/,
and /aː/ [see also, 11]. Also note, that overall
recognition rates were equally accurate for the two
speakers. An alternative explanation for the different
patterns is based on listeners’ previous experience
with the linguistic competence of adult and child
speakers. Young children are known to deviate
regularly from target norms in their pronunciation
[21], and listeners could take this experience into
consideration and hesitate to rely on, for example,
vowel information in their interpretation.
Figure 3: Average mid-vowel F1/F2 values (Bark)
for all vowels in the subset of 41 target-word pairs
with anchor vowels, by the adult speaker and by the
child speaker.
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4. CONCLUSIONS
In a cross-modal priming experiment, we investigated
the influence of age of the speaker on phonetic-tolexical mapping. In a first analysis, no interaction
between facilitation for related primes and age of the
speaker was observed. However, marginally nonsignificant interactions involving age of the speaker,
relatedness of the prime, and direction of the vowel
mismatch warranted further exploratory analyses.
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The NRV framework [14] was used to motivate posthoc predictions for the directionality of vowel
mismatches in subsequent exploratory analyses
(accounting for a subset of 72.3 % of the items).
When taking directionality into account according to
the NRV framework, different priming patterns for
the adult voice and the child voice were found. For
the adult voice, onset fragments that mismatched in
the vowel primed target word recognition when the
anchor vowels /uː/, /iː/, or /aː/ occurred in the onset
fragments (e.g., Para- primed Parodie) but not when
they occurred in the target (e.g., Paro- did not prime
Parasit). No priming was found for the child voice,
neither when the anchor vowels occurred in the
fragment primes nor when they occurred in the target.
A comparison of the F1 and F2 values of the
vowels produced by the two speakers, made it
unlikely that the influence of speaker age was due to
less accurate productions of the child speaker. It
rather seems likely that the phonetic-to-lexical
mapping itself was sensitive to the age of speaker.
One plausible reason for this could be previous
experience with children’s speech that often deviates
from canonical pronunciations. This experience could
set expectations and influence the comprehension
process whenever we encounter a (new) child
speaker.
The consequence of experience was such that
onset fragments with vowel mismatches of the child
speaker never facilitated target word recognition.
Thus, vowel information in the child voice was never
deemed a reliable indicator for the lexical mapping
process. Just as well, it could have been that
experience leads to all vowel mismatches being
accepted as matches for the lexical mapping. In
research on foreign-accented speech, previous
experience has indeed been found to make deviations
in pronunciation acceptable matches for canonical
pronunciations [e.g., 8, 23, 29]. Note however that in
most of these studies, experience with specific
accents and/or single accent markers have been
tested, whereas in the present study the vowel
mismatches comprised a whole range of contrasts.
Also, it is possible that children vary more between
and within speakers in pronunciation than speakers of
a specific foreign accent tend to do. Thus, it might be
much harder to adapt to anything specific in
children’s mispronunciations.
In conclusion, we present some evidence for the
phonetic-to-lexical mapping process being possibly
sensitive to the age of the speaker. To our knowledge,
this is the first time that such an influence has been
shown exploratorily for child speech, and we
interpreted it as an effect of previous experience with
the linguistic competence of child and adult speakers.

7. REFERENCES
[1] Bates, D., Kliegl, R., Vasishth, S., Baayen, R. H. 2015.
Parsimonious mixed models.
[2] Bates, D., Maechler, M., Bolker, B., Walker, S. 2015.
lme4: Linear mixed-effects models using Eigen and
S4:
R
Package
http://CRAN.Rproject.org/package=lme4
[3] Boersma, P., Weenink, D. 2018. Praat: doing
phonetics by computer [Computer program]. Version
6.0.40 http://www.praat.org/
[4] Bosker, H. R., Quené, H., Sanders, T., de Jong, N. H.
2014. Native ‘um’s elicit prediction of low-frequency
referents, but non-native ‘um’s do not. Journal of
Memory and Language 75, 104-116.
[5] Cutler, A., Weber A., Smits, R., Cooper, N. 2004.
Patterns of English phoneme confusions by native and
non-native listeners. J. Acoust. Soc. Am. 116(6),
3668-3678.
[6] Cutler, A., Weber, A., Otake, T. 2006. Asymmetric
mapping from phonetic to lexical representations in
second-language listening. Journal of Phonetics 34(2),
269-284.
[7] Drager, K. (2010). Sociophonetic variation in speech
perception. Language and Linguistics Compass 4(7),
473-480.
[8] Eisner, F., Melinger, A., Weber, A. 2013. Constraints
on the transfer of perceptual learning in accented
speech. Frontiers in Psychology 4, 148.
[9] Friedrich, C. K., Felder, V. Lahiri, A., Eulitz, C. 2013.
Activation of words with phonological overlap.
Frontiers in Psychology 4, 556.
[10] Friedrich, C. K., Lahiri, A., Eulitz, C. 2008.
Neurophysiological evidence for underspecified
representations: asymmetries with word initial
variations. J. Exp. Psychol. Hum. Percept. Perform.
34, 1545–1559.
[11] Lee, S. Potamianos, A., Narayanan, S. 1999.
Acoustics of children’s speech: Developmental
changes of temporal and spectral parameters. J.
Acoust. Soc. Am. 105(3), 1455-1468.
[12] Lev-Ari, S. 2015. Comprehending non-native
speakers: Theory and evidence for adjustment in
manner of processing. Frontiers in Psychology 5,
1546.
[13] McQueen, J. M., Norris, D., Cutler, A. 1994.
Competition in spoken word recognition: Spotting
words in other words. J. Exp. Psychol.: Learn., Mem.
Cogn. 20(3), 621.
[14] Polka, L., Bohn, O. S. 2011. Natural referent vowel
(NRV) framework: An emerging view of early
phonetic development. Journal of Phonetics 39(4),
467-478.
[15] Ptacek, P. H., Sander, E. K. 1966. Age recognition
from voice. Journal of Speech, Language, and
Hearing Research 9(2), 273-277.
[16] R Core Team. 2013. R: A language and environment
for statistical computing. Vienna, Austria: R
Foundation for statistical computing http://www.Rproject.org/
[17] Repp, B. H., Crowder, R. G. 1990. Stimulus order
effects in vowel discrimination. J. Acoust. Soc. Am.
88(5), 2080-2090.

2547

[18] Schwartz, J. L., Abry, C., Boë, L. J., Ménard, L.,
Vallée, N. 2005. Asymmetries in vowel perception, in
the context of the Dispersion–Focalisation
Theory Speech Communication 45(4), 425-434.
[19] Soto-Faraco, S., Sebastián-Gallés, S., Cutler, A. 2001.
Segmental and suprasegmental mismatch in lexical
access. Journal of Memory and Language 45, 412432.
[20] Steinlen, A. K. 2005. The influence of consonants on
native and non-native vowel production: A crosslinguistic study Tübingen: Gunter Narr.
[21] Stoel-Gammon, C. L., Menn, L. 2005. Phonological
development: Learning sounds and sound patterns. In:
Gleason, J. B., Ratner, N. B. (eds), The development
of language. Boston: Pearson, 52-85.
[22] Strange, W., Weber, A., Levy, E. S., Shafiro, V.,
Hisagi, M., Nishi, K. 2007. Acoustic variability within
and across German, French, and American English
vowels: Phonetic context effects. J. Acoust. Soc. Am.
122(2), 111-129.
[23] Trude, A. M., Tremblay, A., Brown-Schmidt, S. 2013.
Limitations on adaptation to foreign accents. Journal
of Memory and Language 69(3), 349-367.
[24] van den Brink, D., van Berkum, J. J., Bastiaansen, M.
C., Tesink, C. M., Kos, M., Buitelaar, J. K., Hagoort,
P. 2010. Empathy matters: ERP evidence for interindividual differences in social language processing.
Social Cognitive and Affective Neuroscience 7(2),
173-183.
[25] Weber, A., Cutler, A. 2004. Lexical competition in
non-native spoken-word recognition. Journal of
Memory and Language 50(1), 1-25.
[26] Weber, A., Scharenborg, O. 2012. Models of spokenword recognition. WIREs Cognitive Science 3,
387-401.
[27] Wiese, R. 2000. The phonology of German Oxford:
Oxford University Press.
[28] Wittemann, M. J., Weber, A., McQueen, J. M. 2013.
Foreign accent strength and listener familiarity with an
accent codetermine speed of perceptual adaptation.
Attention, Perception, Psychophysics 75(3), 537556.
[29] Zwitserlood, P. 1989. The locus of the effects of
sentential-semantic
context
in
spoken-word
processing. Cognition 32(1), 25-64.
__________________________________
1 Also German /a/ was considered as anchor vowel /aː/, as
the two phonemes are considered to differ only in
duration in German [22].

The effect of manual action on vowel production in nouns and verbs
Nicole A. van Rootselaar, Marisa Lelekach, Fangfang Li, Claudia L.R. Gonzalez
The Brain in Action Lab, University of Lethbridge, The University of Lethbridge.
nicole.vanrootselaar@uelth.ca, fangfang.li@uleth.ca, claudia.gonzalez@uleth.ca
ABSTRACT
Studies show that word pronunciation alters
grasping based either on facilitation between mouth
and hand shape, or facilitation between speech
meaning and hand movement. Less understood is the
opposite of this relation, i.e., how speech is altered
when meaningful words are pronounced during
manual actions. To assess this, participants
pronounced nouns and verbs that are homophones
while performing different actions, including
observing a block (look, served as baseline), placing
fingers around a block (grasp), and reaching and
grasping a block (reach-to-grasp). We found that
manual actions influenced vowel production,
significantly lowering the first formant during both
the grasp and reach-to-grasp conditions. However,
vowel production was not affected by words of
different part of speech and no difference was
observed between the verb/noun pairs. Our findings
have implications for theoretical modelling of
speech production processes to incorporate a linkage
to the general kinaesthetic system.
Keywords: vowel production, formants, grasping.
semantics
1. INTRODUCTION
Speech is a type of action. Surprisingly, most
past and/or current speech production models do not
take this into consideration and ignore the influence
of other types of actions such as manual movement
on speech production [9,21]. For example, the wellknown Levelt’s model [21] proposes three strata; the
conception stratum where meanings are packed into
expressible words and sentences, the morphosyntactic stratum to encode words into
grammatically correct forms, and a motor stratum to
put articulators into actions. Whether such as a
system is modular (i.e., automatic and independent
of other processes) or can interact with other more
general neurological and/or motor systems is not
specified. This is an important question, given the
growing research that documents how speech
production affects manual movements when the two
types of actions are executed simultaneously. Past
research suggests a facilitative effect of simple
syllable production on grasping when finger shape
reflects position of the tongue [28]. Past research has
also found that (pronunciation and observation of)
nouns alter reaching trajectories and finger shaping
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to reflect the word being pronounced/read rather
than the object being grasped [16]. For example,
when saying the word “apple” and grasping a grape,
the fingers will open wider than necessary, reflecting
the larger apple. There is mounting evidence of how
manual movement is altered during both speech
production and processing [for more, see works: 4,
5, 6, 10, 11, 12, 13, 15, 26, 27, 28], but the same
cannot be said for the opposite interaction; how
speech is altered during the execution of manual
action. Past research is inconsistent in finding
whether speech was altered during manual
movement. In a study, participants produced
syllables while grasping a joystick, and no changes
in formants were observed, despite changes in hand
shape and trajectory [26]. To the contrary, another
experiment indicated that producing a syllable while
grasping and moving a large or small fruit towards
the mouth altered vowel production in accordance to
the size of the fruit [13]. A larger item resulted in a
larger mouth opening, and vice versa. There were
accompanying changes in formants, which indicate
the position of the tongue, and mouth shape during
vowel production [17, 19, 22]. Furthermore, these
authors found that speech is even sensitive to the
observation of action. In that study, the aperture of
the lips reflected the aperture of the hand grip when
participants watched a volunteer grasp a large or
small object and move it towards their (the
volunteer’s) mouth [14] or simply reach and pick it
up [15]. These significant findings imply an
interaction between planning and executing manual
movement and speech which results in coordination
between the movement of both the fingers and lips
(and other articulators). Both right hand motor
control and speech processing and production are
known as lateralized functions, and in most of the
population they are specialized in the left
hemisphere of the brain [18]. It is probable that both
manual and oral movements share similar
neurological etiology that relates to their
neurological organization (lateralization) [18].
Given this known relationship, it unexpected
that both previously described studies did not note a
change in formants during different manual actions.
One notable commonality between these two studies
is that participants pronounced consonant-vowel
syllables rather than words (meaningful speech).
There is scant evidence, at least to our knowledge, of

studies investigating changes to the pronunciation of
words when produced simultaneously with an
action. The lack of evidence may be related to the
additional challenges, specifically, the task of
accounting for the associated meaning. In studies
measuring manual movement during word
production, researchers found that pronouncing
action words (verbs) alters hand movement to mirror
speech meaning (i.e. saying “fast” results in the hand
moving faster [4]). Such studies imply that not only
is there a connection between manual movement and
speech, but that the neural areas responsible for
semantic processing also affect this system, enabling
the meaning of spoken language to further interact
with movement [23]. This idea fits well with what
we know about the organization of grasping and
language in the brain. In addition to both right hand
motor control and speech motor control being
lateralized, various imaging studies demonstrate that
words belonging to different parts of speech (i.e.
nouns and verbs) can be distinctly processed, but
still lateralized to the left hemisphere [ 23, 29].
One additional shared feature of previous
research examining the link between speech and
grasping is the presence of non-functional grasping
actions. Authors had participants place fingers
around a cylinder [27], observe a grasp [5, 14, 15] or
close fingers around object without first reaching for
the object [14, 15]. These various studies beg the
question; does the nature of the manual action
differentially affect speech? Previous imaging
studies suggest that the brain processes natural,
ecologically relevant grasping actions differently
than awkward, inefficient grasps [2]. This altered
processing may translate into unique interactions
with the semantic and speech planning systems.
Through this study, we attempted to understand
if the interaction between meaningful speech
production and natural manual movement reflects
this theory, and to develop further support for
altering speech production models (such as Levelt’s
Model [21]) by including other factors relevant to
speech production. We investigated if pronunciation
of meaningful words is altered when performed with
different, simultaneous manual actions. Specifically,
regarding action, we predicted that performing a less
functional grasping action would alter vowel
production more than a functional action or
observation of a block. Secondly, we predicted that
pronouncing nouns or verbs would lead to distinct
changes in speech production, because each part of
speech is associated with different embodied
meanings between verbs and nouns.
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2. METHODS
2.1. Participants and materials
Thirty (17 females) right-handed university students
participated in the present study, and each provided
written informed consent.
Each participant sat at a table with a large
computer monitor (51 cm display) located 80 cm
away. We placed a small black mat between them on
the table (22 x 14.5 cm) within comfortable reaching
distance. A piece of tape on the edge of the table in
front of the participant marked the centre of the table
and the rest position for participant’s hands. A Shure
SM87A microphone was suspended approximately
15 cm below the participant’s mouth to avoid
interfering with reaching and grasping actions. The
microphone was attached to a Marantz flashcard
PMD661 recorder. We used two items for grasping
targets; a small block (2x2x2 cm) and a large block
(5x5x2 cm). To guide participants through which
word form to pronounce (verb or noun), we used
Super Lab (version 4.5) to display the target word
and picture on the computer monitor.
2.2. Procedure
Before beginning the experimental trials, the
participant viewed the different image slides to
become familiar with each of the four words and
their associated meanings (verb versus noun). On a
computer monitor, a slide show was presented which
featured targets ([fɔl] and [bɔl]) and distractor words
paired with an image to give context to the meaning
of the homophone pairs (i.e. “Fall” paired with a
person slipping, or “Fall” shown with a tree with
orange and red leaves during the season of fall]).
After viewing these images, participants also
received instructions on how to perform the different
grasping actions.
There were four different grasping
protocols. The first was a control condition, where
no targets were present, and participants did not
move their hands. The second was the look
condition, where a block was placed on the target
mat, but participants did not perform any
movements towards it. For the third condition,
known as grasp, a block was placed on the edge of
the table between the participant’s fingers in the rest
position. Participants placed their right-hand fingers
around a block without moving their arm. During the
fourth condition (reach-to-grasp), we placed a block
on the target mat, and participants reached forward
with their right hand to grasp and pick up the block.
The small and large blocks were pseudo-randomly
presented during the experiment. The participant
would complete a block composed of eight trials,
performing the same grasping condition throughout.

Before beginning the trials, participants
went through several practice trials, combining the
different grasping actions and words. The practice
and experimental trials were executed identically.
Before starting the block, the participant was told
which grasping action to execute for the following
trials. A trial began with the participant viewing a
picture paired with the word on the computer screen.
After reading and memorizing the word, they closed
their eyes. Next, the experimenter played two beeps.
At the first beep, the participant opened their eyes
and observed the target grasping area (either on the
mat (control, look, reach-to-grasp), or between their
fingers (grasp). 1000 ms later, the second beep
played, and the participant executed the appropriate
manual action while pronouncing the target word.
Each participant pronounced the target words
(fall/fall and bawl/ball) thirty-two times, or four
times per each grasping condition.
2.3. Analysis
The recordings were uploaded and analysed using
Praat (version 5.3.51 [3]). Each individual word was
identified, and the vowel was manually segmented
from the surrounding consonants. We extracted the
median values of the first three formants (F1, F2,
F3). Additionally, the duration of the vowel was
determined by subtracting the time when vowel
production began from the time when the vowel was
marked as finished. To determine the centroid of the
vowel, we identified the target word and manually
scanned for the initiation of the sinusoidal pattern
which corresponded with the appearance of formants
(dark horizontal bands representing higher
intensity). Next, we marked the conclusion of the
vowel by marking the location of breakdown of the
sinusoidal pattern and diminishing of the formants
and their intensity.
Statistical analysis was completed using R
Studio [25], and statistical package lme4 [1]. We
applied a generalized linear mixed effects model to
investigate the effects of part of speech and manual
action on vowels in meaningful speech. We included
part of speech (nouns versus verbs), manual action
(control, look, grasp, and reach-to-grasp), block
size (small, large), condition order (indicates which
words were spoken earlier [more novel] or later in
trial [more repetitive], and sex (male, female) as
fixed effects. Participant and words (“ball/bawl”
versus “fall/fall”) were included as random effects
(for example: 1|participant). Through visual
inspection of residual plots, we determined that
residuals were homoscedastic and normally
distributed. We determined p-values by using
likelihood ratio tests from comparisons of the full
model with each relevant effect against a model
constructed without the effect. Follow up tests were
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conducted to compare significant interactions.
Where appropriate, we applied Bonferroni
corrections.
3. RESULTS
3.1. First Formant
The model revealed main effects of action (p =
0.002), and sex (p< 0.001). For action, follow-up
tests indicated that in the grasp condition, the value
of the first formant was approaching significance
control condition (p = 0.076). Reach-to-grasp
followed this pattern as well (p = 0.020). Look was
not significantly different for either actions or the
control (p>0.05).
For the remaining variables, we did not find any
relevant results. With the second formant, the
significant main effect of sex is present, but no other
main effects or interactions of interest were found.
In the third formant, there was a main effect of sex
and order of pronunciation. No relevant results were
found for vowel duration.
3. DISCUSSION
According to previous work examining the
interaction between manual action and speech
production, we developed two hypotheses. First, we
predicted that less functional grasping (the grasp
condition) would alter simultaneous vowel
production more than a natural grasp (reach-tograsp) or observation of an object (look). Second,
we hypothesized that the meaning of the pronounced
words would distinctly alter speech during grasping.
Specifically, pronouncing verbs while performing
manual action would significantly change formants
compared to noun production. Our first hypothesis
was partially confirmed—there was an effect of
action on the first formant. F1 is inversely
proportional to jaw opening [19,22], so our findings
suggest that regardless of the word or associated
meaning, preforming a grasping action during
speech results in a more closed jaw (and a higher
tongue placement in the mouth). This is different
from previous studies which measured vowel
production, and only found changes to the second
and third formants [14,15]. However, there is no
significant difference between the look and control
conditions. Thus, the observation of a block is not
enough to elicit a change in pronunciation.
Gentilucci et al. [14,15] demonstrated changes in
formants when participants observed someone pick
up or pantomime picking up an object. The
combination of our null findings in the look
condition and supporting research [5,14,15] suggests
that it is observation of body movement, and not the
object itself which evokes changes in speech.
Between the two grasping conditions—grasp (an
awkward position), and reach-to-grasp (a natural
movement), there was no differences in F1. It is

possible that we did not observe differences between
the grasping conditions because both used a similar
hand shape. In future studies, using a more unnatural
hand position (i.e. grasp with the thumb and pinkie
or ring finger) may prove drastic enough to
distinctly alter vowel production.
A notable difference between the current and
previous studies is that the changes in formant were
related to the size of the stimuli grasped, rather than
completely different grasp positions [14,15]. Size of
the block was not a significant factor in the present
study. This lack of consistency with previous
research may stem from several differences between
ours and the other studies: For example, the use of
consonant-vowel syllables instead of meaningful
words (consonant-vowel-consonant), the use of
different vowels, and unlike our study, a nongrasping control condition (producing speech
without performing or observing a movement) is
usually not included in other studies. All these
methodological differences may contribute to the
discrepancy between our findings and previously
published results.
One way to determine whether (for example) the
stimuli type is a factor that affects the results is to
select open syllable words such as “fly” (noun: a
bug, or verb: to move through air). Using pairs like
this one will minimize formant changes that could
be attributed to surrounding consonants but not word
meaning or manual action. And we would expect to
observe vowel changes during executed actions if
the mouth motor systems are susceptible to both
manual movement and semantic messages of words.
Another potential avenue is to choose a
homophone pair which involves the hand. Previous
studies demonstrate that words related to hand
movement evoke a greater change in hand
kinematics [6, 10,11]. Perhaps our lack of significant
results related to word meaning is due to not using
hand specific verbs (“bawl” and “fall”). Producing a
verb such as “grasp” should alter hand movement
more [10], and in turn may produce greater changes
in speech. We plan to consider this in the future to
better ascertain the factors that impact speech
production during manual actions.
A limitation of this study was the varying
frequency of the words used. Out of the top 60,000
ranked words used on a variety of websites,
(according to [7]), the verb “bawl” ranked 32245,
while “ball”, the noun, ranked 962. “Fall” (verb)
ranked 638, and the noun “fall” was 1262. It is
possible that these low frequency words (particularly
bawl) may be less salient, evoking weaker action
associations, resulting in reaction in the manual
movement. In follow-up studies, we will also try to
select word stimuli where both noun/verb
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components have higher, but similar levels of
frequency in everyday use.
Current speech production models tend to focus
only on components that are linguistically relevant.
As mentioned, Levelt’s model [21] focuses on three
levels/stratum: the conception, the morpho-syntactic,
and a motor. In the model, motor refers to speech
articulators and does not consider other motor
actions
which
are
commonly
executed
simultaneously. It is now time to revise this model
by incorporating the most recent studies including
our own that demonstrate clear interaction between
speech articulation (or possible word meaning) and
other motor actions.
In short, despite the inconclusive results we
found from the current study (e.g. alterations only to
F1 and no other formants as in previous studies), the
effect of manual action on speech production has
been confirmed. We propose to revise the current
speech production models to incorporate a linkage
between speech articulation and manual action. Our
research will shed light on the possible gaps in
building such models and therefore has implications
to guide future research in order to refine these
models.
Table 1. Sample data from a female participant.
Data presented according to grasping condition, part
of speech, and dependant variables (formants and
vowel duration). Values are averaged across size.
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[13]. Listening eﬀort [18] and cognitive load [4]
seem to be strongly related to comprehensibility, i.e.
smoothness of understanding.
Intelligibility was measured objectively in [1, 12],
where English spoken by immigrants to the USA
[1] and English by Japanese college students [12]
were presented to native listeners on the telephone.
They were asked, after listening, to repeat what they
heard. Their repetitions were transcribed manually
by technical staﬀ to derive word-based intelligibility
of each utterance. However, no good control seems
to have been made on listeners’ behavior of repetition. Eﬀorts of listening or guessing and delay of
repetition depended on listeners and therefore, the
obtained intelligibility scores will not always match
comprehensibility. Further, the speaking styles observed in the repeated utterances were not discussed.
How to measure objectively comprehensibility,
listening eﬀort, or cognitive load when a listener listens to an L2 utterance? Previous studies used physiological sensors for measurement. In [3, 5, 18],
EEG (electroencephalogram) recordings were made
from listeners and listening eﬀorts were discussed
quantitatively and in [4], eye-trackers were used to
measure the size of pupils to predict the magnitude
of cognitive load when listening. In [7, 8], a novel
method of predicting comprehensibility of an utterance was proposed, which did not require any special device. Native listeners were asked to shadow
learners’ utterances, where shadowing indicated not
imitating accented pronunciations but repeating in
their own native pronunciation what was said. From
natives’ shadowings, accuracy of shadowers’ articulation and delay of shadowing were measured acoustically and automatically. These two measurements
were found to be highly correlated to comprehensibility subjectively judged by the shadowers.
This paper aims at validating this method from a
diﬀerent viewpoint. When native speakers repeat or
transcribe L2 utterances after listening to those utterances, repetitions or transcriptions indicate intelligibility. Our claim is that, when they shadow, smoothness of their shadowings will indicate comprehensibility. Suppose that native speakers are asked to
transcribe utterances from audio books for kids and

ABSTRACT
Recently, a novel method of objective measurement
of comprehensibility of L2 utterances was proposed.
Native listeners were asked to shadow learners’ utterances, and from natives’ shadowings, 1) accuracy
of shadowers’ articulation and 2) delay of shadowing were measured acoustically and automatically.
These two measurements were found to be highly
correlated with comprehensibility perceived by the
shadowers. Comprehensibility, or smoothness of
understanding is considered to be characterized well
by the two measurements because shadowers have to
listen, understand, and repeat simultaneously. This
paper aims at validating this method from another
viewpoint. Here, listeners are asked to shadow native utterances with varying levels of lexical, syntactic, semantic, and pragmatic complexity, which can
easily influence perceived comprehensibility. Experiments show that the above two measurements
depend strongly on the complexity levels. We can
claim again that the two automatic measurements
can characterize perceived comprehensibility well.
Keywords: Comprehensibility, natives’ shadowing,
linguistic complexity, GOP, delay of shadowing
1. INTRODUCTION
In phonetic studies of learners’ pronunciation, their
deviations from native pronunciation are often discussed [11, 19]. However, some types of foreign
accents hardly reduce smoothness of communication [2, 13, 14]. The practical goal of pronunciation
training is an intelligible-enough pronunciation, not
a native-sounding one [2].
In applied linguistics, intelligibility of an utterance indicates how many linguistic units such as
words can be identified correctly. Degree of intelligibility of an utterance can be measured objectively by asking native speakers to transcribe or repeat that utterance after listening to it [1, 13]. Comprehensibility of an utterance means how easily and
smoothly listeners can understand the content of that
utterance, and degree of comprehensibility has been
often quantified by listeners’ subjective judgment
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phonemes intended by the learner, P(pt |ot ) is averaged over the entire duration of a given phonemic
segment, where pt is the phoneme shadowed at time
t. The GOP of a given segment x is calculated as

Figure 1: Native listeners’ reverse shadowing

(1) GOP(x) =

1 ∑
P(pt |ot ),
D x t∈x

SS means smoothness of shadowing.
where D x is the frame-based total duration of x.
In [7, 8], Japanese spoken by Vietnamese learners
and native listeners’ shadowings were used for analysis, and P(pt |ot ) was calculated by a DNN-based
front end of a Japanese speech recognizer, trained
with CSJ [10]-based KALDI [16]. The GOP scores
from natives’ shadowings were shown to be very
highly correlated with comprehensibilities subjectively judged by the native shadowers.
As for delay of shadowing, in [7, 8], by comparing a forced alignment result of a VietnameseJapanese (VJ) utterance and that of its native reverse
shadowing (RS), the temporal gap between every
pair of phoneme boundaries was obtained between
the two utterances. The phoneme-based temporal
gaps obtained from the two utterances were averaged to define delay of shadowing between the two.
Generally speaking, shadowing is performed with a
delay of about 1 second to a presented utterance.
In [7, 8], learners’ utterances were obtained by
asking learners to read aloud some paragraphs from
an textbook the linguistic complexity of which was
low. It indicates that the degree of accentedness,
not the linguistic content of utterances, influenced
strongly the above two acoustic measurements. In
this paper, unlike [7, 8], native read-aloud utterances are presented to native shadowers. Here, lexical, syntactic, semantic, and pragmatic complexities of the stimuli vary largely. Since these linguistic features can directly influence smoothness of understanding, if the two acoustic measurements are
found to strongly depend on these features, it allows
us to claim that the method of natives’ reverse shadowing observed as the above two acoustic measurements can be validated from a diﬀerent viewpoint.

those from news broadcast, they will give perfect
transcriptions to both although smoothness of understanding may be diﬀerent. When they shadow
those utterances, smoothness of shadowing will be
diﬀerent due to diﬀerences in lexical, syntactic, semantic, and pragmatic complexity. In other words,
intelligibility can be viewed as speech feature that
characterizes results of the process of understanding, and comprehensibility represents how smoothly
the process is running. This paper verifies that the
two acoustic measurements, related to smoothness
of shadowing, strongly depend on the linguistic features of presented utterances, which can directly influence smoothness of understanding.
In previous studies on shadowing including those
not related to language learning [9, 15, 17], delay
of shadowing was used as main speech feature. Our
previous studies [7, 8] and this study are novel in that
shadowing behaviors are acoustically characterized
by accuracy of articulation as well as delay of shadowing. The first feature is automatically calculated
by DNN-based speech recognition modules, which
will be explained in the following section.
2. NATIVE LISTENERS’ REVERSE
SHADOWING OF L2 UTTERANCES
In the conventional form of shadowing, native utterances are presented to learners, who have to listen and repeat as simultaneously as possible. In
this study, it is native listeners who have to shadow
while listening to and understanding learners’ utterances. Figure 1 shows native listeners’ reverse shadowing, where smoothness of shadowing is acoustically measured as two kinds of acoustic features.
As for shadowers’ accuracy of articulation, we
use Goodness Of Pronunciation (GOP) measure [6,
20, 21]. GOP is a widely-used baseline speech feature in pronunciation assessment studies and, when
GOP is applied to an L2 utterance, it represents how
similar that utterance is to the model pronunciation
in terms of articulation. GOP is theoretically defined
as phoneme-based posterior P(ci |ot ), where ot is a
speech feature observed at time t, and ci is phonemic class i. In Figure 1, after forced alignment performed on the native shadowing with the string of

3. EXPERIMENTS
3.1. Various contents for shadowing

To analyze the influence of the linguistic features
on smoothness of natives’ shadowing, six sets of
readings were prepared, as shown in Table 1. Very
easy-to-understand sentences were collected from a
Japanese famous classical tale, Momotarō (A), and
from NHK News Web Easy (B), which is a news
content provided for foreigners learning Japanese.
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set
A
B
C
D
E
F

3.2. Subjects and procedures

Table 1: Various contents used for shadowing
source
a very famous classical tale (Momotarō)
easy articles from NHK NWE*
random word sequences from NHK NWE*
original articles of NWE from NHK News Web
articles from Nikkei Science
random concatenation of Japanese characters

Seven adult subjects of native Japanese with normal
hearing, five males and two females, participated in
the experiments. The male subjects were university
students majoring in engineering and word familiarity of set E will be high to them. The female subjects were laboratory secretaries who did not major
in engineering or science and thus word familiarity
of some technical terms in set E was lower.
Each set of twenty utterances were divided into
four groups of five utterances in each. In total, we
had 24 groups. Using these groups, the shadowing
experiments were carried out in a particular manner.
Firstly, to provide an overall picture for subjects, one
group from each set (A to F) was presented consecutively. Then, the remaining 18 groups were randomly selected and presented to the subjects.
After a simple shadowing practice, the subjects
were asked to shadow all the 120 utterances, where
they were not allowed to repeat shadowing any given
utterance unless considered necessary.

*NWE (News Web Easy): a Japanese news site for foreigners
who are learning Japanese
https://www3.nhk.or.jp/news/easy/.

Table 2: Qualitative comparison of the stimuli
set WF CWP CPP CSS
A
M
H
H
H
H
H
M
H
B
C
H
—
—
—
D
M
M
M
M
E
M
M
M
L
F
—
—
—
—
WF: word frequency
CWP: cross-word predictability
CPP: cross-phrase predictability
CSS: easiness of syntactic analysis
H, M, L, —: high, middle, low, extremely low

Table 3: #utterances for the six stimulus sets
A
B
C D E F
15 16 20 18 7 15

3.3. Analysis of smoothness of shadowing

When shadowing a given utterance, if several pauses
are found in the utterance, shadowing becomes easy,
arguably due to usage of short-term memory. For
fair comparison among the six stimulus sets, only
the phrases that are longer than or equal to 10 morae
and read aloud by the narrator without pausing were
manually selected for analysis. In set E, not a
small number of phrases were composed of ordinary
words only, not including any scientific or technical terms. So, oral phrases including those terms
that require high-school science knowledge were selected manually. Analysis of smoothness of shadowing was done only on these selected utterances.
Table 3 shows the number of utterances available.
Two kinds of GOP scores were calculated, one is
from a shadowing and the other is from a presented
utterance given by the narrator. The former is called
subjects’ GOP (sGOP) and the latter is called narrator’s GOP (nGOP). In sGOP, for a given utterance,
the highest and the lowest sGOP scores among the
seven subjects were removed. Delay of shadowing
was calculated from a pair of a shadowing and its
corresponding utterance given by the narrator.
T-tests were done for both GOP scores and delay of shadowing to examine between which sets
significant diﬀerences at 5% are found. For nGOP,
the number of samples is shown in Table 3 and for
sGOP, the number is samples is five times larger than
the number in Table 3. For analysis of delay, the
number of samples is the same as that for sGOP.

Highly intelligible but extremely incomprehensible
stimuli were prepared by randomly concatenating
content words found in NWE (C). The original articles of B were extracted from NHK News Web
(D). Rather diﬃcult-to-understand sentences were
collected from science magazines of Nikkei Science (E). As reference, random concatenations of
Japanese characters (Hiragana) were also used as
stimuli (F). Prosodic control for reading these random sequences of Hiraganas was done by simulating
that in Momotarō (A). In other words, set F was prepared by replacing each Hiragana in Momotarō with
another. Here, so-called Seion (unvoiced consonant
syllable) was used exclusively for replacement. Intuitive and qualitative comparison of these six sets of
stimuli is done in Table 2. Four linguistic factors are
considered to control comprehensibility of the reading stimuli. They are word frequency, cross-word
predictability, cross-phrase or cross-sentence predictability, and easiness of syntactic analysis. Their
abbreviations are used in Table 2.
Each set had twenty utterances and each utterance
was composed of a sentence or some phrases. These
utterances were given by a professional female narrator to ensure smoothness of speech production. In
recording, she was instructed to read sentences naturally but neutrally with a fixed speaking rate except
for F. Reading rehearsals were allowed if needed.
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Table 5: 5% diﬀerences in delays
set A B C D E F
A
– * * * * *
B
* – *
* *
C
* * –
*
D
*
– * *
E
* *
* –
F
* * * *
–

Table 4: 5% diﬀerences in sGOPs
set A B C D E F
A
–
*
*
B
– * * * *
C
* * – *
*
D
* * –
*
E
*
– *
F
* * * * * –

to CDEF and BCF, respectively. B are prepared by
editing D so that learners of Japanese can understand
the meaning. Comprehensibility is diﬀerent qualitatively between B and D and sGOP is also diﬀerent
between the two. In delays, B and D are diﬀerent
from ACEF and AEF, respectively, meaning no significant delay diﬀerence between B and D.
Words in C are very easy to understand but they
do not have any meaning as sentence. We can say
that words in C are totally intelligible but totally incomprehensible. When we see B and C1 . C is significantly diﬀerent from B both in sGOP and delays.
From these results, we can claim that comprehensibility of utterances, which is controlled in the
current experiment not by accentedness of utterances but by their linguistic features, can easily and
strongly influence smoothness of shadowing, which
is acoustically measured as sGOP and delay.
Next, we focus on nGOP to discuss behaviors of
the narrator. Averaged scores of nGOP are shown in
Figure 4 and results of t-tests are listed in Table 6. It
is very interesting that the nGOP scores show a very
similar distribution over the six stimulus sets to the
sGOP distribution. Significant diﬀerences are found
both between B and D and between B and C. The
professional narrator was asked to read given sentences neutrally at a fixed speaking rate but her reading behaviors were influenced perhaps involuntarily
by the linguistic features of given sentences. It is inevitable that shadower’s behaviors are influenced by
the linguistic features related to comprehensibility.

Figure 2: sGOP scores for the six stimulus sets
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Figure 3: Delay of shadowing for the six sets
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Figure 4: nGOP scores for the six stimulus sets
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Table 6: 5% diﬀerences in nGOPs
set A B C D E F
A
– * *
*
B
* – * *
*
C
* * – *
*
D
* * –
*
E
– *
F
* * * * * –

,

3.4. Results and discussion

Firstly, we discuss the shadowers’ behaviors with
sGOP scores and delays. From Table 2, it is expected that A and B will show high sGOP and short
delay, and that C and F will show low sGOP and
long delay. D and E will show intermediate levels of sGOP and delay. Figures 2 and 3 show averaged sGOP scores and averaged delays of shadowing. From both figures, we can say that the above
expectations are almost valid. Furthermore, we can
point out that shadowing in F is extremely diﬃcult
and shadowing in A can be done extremely quickly.
Tables 4 and 5 show between which sets significant diﬀerences at 5% are found. Since B and D
are from news articles, we consider that they contain
more ordinary expressions compared to the other
sets. In sGOP, B and D have significant diﬀerences

4. CONCLUSIONS
This study showed that comprehensibility of stimuli strongly influenced not only shadowers’ performances but also reading performances of a professional narrator. The experimental results suggest
that sGOP and delay, which are calculated acoustically from natives’ shadowings, will be very helpful
to predict comprehensibility of presented utterances.
This work was supported financially by JSPS KAKENHI
JP18H04107 and Microsoft Research Asia.
1
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All the words in C are from B.
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LEXICAL KNOWLEDGE DOES NOT IMPROVE DISCRIMINABILITY
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ABSTRACT

keep-*keet and group-*groot, and /t/-bias nonwordword continua, *meep-meet and *shoop-shoot. The
continua were made by manipulating the vowel-toconsonant formant transitions and mixing the /p/ and
/t/ bursts in complementary proportions.

The “Ganong effect” [4] refers to listeners’ preference respond to ambiguous steps from a wordnonword continuum with the endpoint category that
makes a word. Interactive models such as TRACE
[7] attribute this preference to feedback from the lexicon to signal evaluation, while autonomous models
such as MERGE [9] attribute it instead to feedforward from the lexicon to a task-specific phonemedecision module. A categorization and discrimination experiment produced the expected lexical biases in categorization, corresponding shifts in local discrimination peaks, but consistently no greater
cumulative discriminability in word-nonword continua than word-word continua. Simulations using jTRACE [10] show that this interactive model
neither predicts better discriminability to wordnonword than a word-word continuum nor lexical
biases.

2.1.2. Procedures
Exp. 1a: Categorization. Listeners were trained
to respond “p” or “t” with correct-answer feedback
with 10 repetitions of each continuum endpoint. In
the ensuing 6 test blocks, steps {1, 20}, {4, 6, 16,
18}, and {8, 10, 12, 14} were presented in a 1:2:3
ratio. Stimulus presentation was randomized in both
training and testing. Each trial comprised a 500-ms
display of a cross, the stimulus, a 1500-ms response
interval, a 750-ms display of correct-answer feedback on training but not test trials, and a 750-ms ITI.
Exp. 1b: Discrimination. The format was AX,
with a 750-ms ISI. In different trials, stimuli differed
by 4 steps: 1 vs 5, 3 vs 7, 5 vs 9, 7 vs 11, 9 vs 13,
11 vs 15, 13 vs 17, and 15 vs 19. Stimulus presentation was blocked by stimulus pair. A block began
with randomized unscored training trials in which
all 4 possible stimulus orders were presented once
in each of the six contexts. The 4 possible orders
were then presented 6 times each in all 6 contexts,
yielding 144 randomized test trials per block, twice
on separate days, yielding 24 same and 24 different
trials/stimulus pair/context/participant. Order of test
blocks was counterbalanced across subjects with a
balanced Latin square. Each trial comprised a 500ms display of a cross, the 2 stimuli, a 1500-ms response interval, a 750-ms display of correct-answer
feedback, and a 750-ms ITI.

Keywords: Interaction, autonomy, discriminability
1. INTRODUCTION
The debate between interactive and autonomous
models of speech perception remains unresolved
[8, 9]. To contribute new evidence and argument, I
assessed the success of simulations using an interactive model, jTRACE [7, 10], in predicting the results
of categorization and discrimination experiments.
2. EXPERIMENTS 1A,B
In Exp. 1a, listeners categorized a syllable-final /p-t/
continuum in contexts where either /p/, /t/, or both
made a word. In Exp. 1b, they discriminated pairs
of stimuli from this continuum.

2.1.3. Listeners
16 adult native monolingual speakers of American
English participated in Exp. 1a, and another 33 in
Exp. 1b.

2.1. Method

2.1.1. Stimuli

2.2. Results

Members of a 20-step /p-t/ continua were presented
in the contexts /hi-, hu-, ki-, gru-, mi-, Su-/, yielding no-(lexical)-bias word-word continua, heap-heat
and hoop-hoot, /p/-bias word-nonword continua,

Exp. 1a: Categorization. Fig. 1 shows that listeners responded “p” more often in the /p/-biased contexts, /ki-/, /gru-/ than the /t/-biased contexts /mi-/,
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/Su-/. They were also biased to respond “p” more
often after /i/ than /u/.

Table 1: Exp. 1a: Fixed effects estimates.

Figure 1: Mean proportion “p” (95% CI) in /i/
(top) and /u/ (bottom) contexts.

Intercept
Step
Lexical
Vowel

i
1.00

Est

se

z

p

0.231
-3.299
0.256
0.417

0.233
0.216
0.052
0.119

-0.989
-15.271
5.189
3.503

0.321
<0.001
<0.001
<0.001

0.75

egory boundary away from the /p/ endpoint in Exp.
1a but greater in the lower half for the context /hu-/
where the vowel shifted the boundary toward from
/p/ endpoint (Fig. 2). Although discriminability is
consistently greater in the upper than the lower half
for all the lexically biasing contexts, that difference
is still greater for the /p/- than /t/-biased contexts,
/ki-/ vs /mi-/ and /gru-/ vs /Su-/.

0.50

Proportion "p"

0.25
0.00

u

1.00

Figure 2: Mean lower and upper half cumulative
discriminability (95% CI).

0.50

10
d’ (SD Units)

0.75

0.25
0.00
1

4

6

Context

hi

8

10

12

step p-t
ki

mi

14
hu

16
gru

18

20
shu

8
6
4
2
0
ki

The relative proportion of “p” to “t” responses
was submitted to a mixed effects logistic regression
model with fixed effects: Step along the /p-t/ continuum, Lexical Bias (/p/-bias: /ki-/, /gru-/ = 0.5; nobias: /hi-/, /hu-/ = 0; and /t/-bias: /mi-/, /Su-/ = -0.5),
and Vowel (/p/-bias: /ki-/, /hi-/, /mi-/ = 0.5 vs /t/bias: /gru-/, /hu-/, /Su-/ = -0.5). All fixed effects were
scaled. De-correlated random effects of listener on
the intercept and the slopes of the fixed effects were
included. The estimates in Table 1 show that listeners were not biased to respond “p” (non-significant
intercept), they responded “p” less often as the stop
became less /p/-like (negative Step), and more often when the lexical context biased them toward “p”
(positive Lexical Bias) and when the vowel was /i/
(positive Vowel). No interactions between fixed effects were significant.

gru
Half

hi
hu
Context
lower

mi

shu

upper

Continuum Half (lower = -0.5, upper = 0.5) replaced Step in a mixed effects linear model comparing upper and lower half cumulative discriminability scores (summed d 0 s). De-correlated random effects of listener on the intercept and the slopes of the
fixed effects were included. The estimates in Table
2 show that discriminability was greater than chance
(positive Intercept) and greater in the upper than the
lower half of the continuum (positive Half). Neither
Lexical Bias nor Vowel influenced discriminability independently (non-significant main effects), but
both interacted significantly with Half (positive interactions with Half): discriminability was relatively
greater in the upper than the lower half when either
Lexical Bias or Vowel favored “p” in Exp. 1a.
Cumulative discriminability across the continuum
(summed d 0 s) differed little between contexts (Fig.
3). A mixed effects linear model produced only a
significantly positive intercept. Bayes factors from
paired-sample t-tests showed that cumulative d’ values from each lexically biasing context do not dif-

Exp. 1b: Discrimination. As expected from Exp.
1a, discriminability (d 0 values) was greater in the upper half of the continuum nearer to the /t/ endpoint
(pairs 9 vs 13 to 15 vs 19) than in the lower half
nearer to the /p/ endpoint (pairs 1 vs 5 to 7 vs 11)
for the context /hi-/ where the vowel shifted the cat-
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4. No feedback from the lexicon excited the /t/
node more for the further than the closer member,
5. The /p/ node inhibited the /t/ node more for the
closer than the further member.
Jointly, these effects would increase /p/ activation and decrease competing /t/ activation more for
the closer than the further member in the wordnonword keep-*keet continuum than in the corresponding word-word heap-heat continuum. Since
response probability depends on activation, and discriminability is predicted from differences in response probabilities between members of stimulus
pairs, better pair-wise and cumulative discriminability is predicted for a word-nonword continuum than
a word-word continuum.
A 202-word lexicon was constructed comprising all the CVC, CV, and VC English words
from IPhOD2 [11] that could be generated with
jTRACE’s phoneme inventory. Homophones were
treated as single words and their SubtLex frequencies [1] were pooled. Non-default parameter values
were phoneme-word weight 0.05, word-phoneme
weight 0.02, feature decay 0.02, word resting activation -0.1, log frequency phoneme-to-word weight
0.13 [2], and stochasticity 0.02 [6]. The possible outputs were the stop consonants /p, t, k, b,
d, g/ or a word boundary, the exponent of the
Luce forced-choice rule was 7, and alignment was
8 [3]. Each simulation ran for 80 cycles. Each
member of a 5-step /p-t/ continuum was simulated
200 times for these contexts (frequencies per million words for words) for: Coda targets: Wordword: sheep (13.43)-sheet (11.61), seep (0.18)-seat
(78.78), shop (53.86)-shot (227.43), soup (25.2)suit (68.61), loop (8.65)-loot (3.92); Word-nonword:
deep (76.39)-*deet, leap (6.67)-*leat, sop (0.27)*sot, dupe (0.65)-*dute; Nonword-word: *rooproot (31.82), *shoop (0.2)-shoot (168.55), *dopdot (6.63), *rop-rot (7.73); Onset targets: Wordword: peak (11.52)-teak (0.39), peel (5.82)-teal
(0.67), pool (46.98)-tool (10.75), pol (0.45)-tol
(0.73); Word-nonword: piece (194.2)-*tiece, peep
(4.43)-*teep, poop (5.59)-*toop, pos (0.31)-*tos;
Nonword-word: *peague-teague (0.2), *peer-tear
(1.06), *pube-tube (16.43), *poot-toot (1.57).
Figs. 4 and 5 show z-scores for the median probability of a “p” response between cycles 45 and 75.
These medians change equally quickly for wordword, word-nonword, and nonword-word continua.
Simulations pooled within continuum type do not
produce the expected lexical biases (Table 3).
Da values were calculated for each pair of stimuli
(Eq. 1): H = P(“p”) to the more /p/-like member of

Table 2: Exp. 1b: Fixed effects estimates.

Est

se

t

p

Intercept
Half
Lexical
Vowel

5.870
0.666
0.021
-0.025

0.296
0.207
0.073
0.081

19.809
3.225
0.293
-0.311

<0.001
0.003
0.770
0.758

Half:Lex
Half:Vwl

0.357
0.512

0.074
0.088

4.805
5.796

<0.001
<0.001

fer from those in the corresponding no-bias context:
/ki-/ vs /hi-/ 0.719, /mi-/ vs /hi-/ 0.280, /gru-/ vs /hu-/
0.217, and /Su-/ vs /hu-/ 0.227.

d’ (SD Units)

Figure 3: Exp. 1b: Cumulative discriminability
(95% CI).
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2.3. Discussion

These experiments show that the category boundaries and local discrimination peaks shift in concert
away from the word endpoint, but that cumulative
discriminability across the continuum does not differ
between word-nonword and word-word continua.
3. SIMULATIONS
jTRACE simulations were run to test the prediction
that feedback from the lexicon improves cumulative
discriminability for a word-nonword compared to a
word-word continuum, e.g., for keep-*keet vs heapheat. This prediction arises if:
1. The /p/ node were excited more by the features
of the pair member closer to the /p/ endpoint
than by the member further away,
2. The keep node were in turn excited more by the
closer member,
3. The keep node’s greater excitation fed back
more strongly to the /p/ node for the closer than
the further member,
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predicted to be no more discriminable across the
continuum for the word-nonword nor nonwordword than word-word continua.

Table 3: Total proportions “p” (95% CI).

Bias
word-word
word-nonword
nonword-word

Coda

Onset

0.443 (0.080)
0.457 (0.082)
0.457 (0.082)

0.473 (0.073)
0.482 (0.073)
0.473 (0.072)

Figure 6: Cumulative da . Contexts as in Fig. 4.
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the pair, F = P(“p”) to the less /p/-like member, s =
the ratio of the H and F z-score ranges between their
0.16-0.84 quantiles (Ch. 3 [5]).
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2
(1) da =
[z(H) − sz(F)]
1 + s2
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2

Figure 4: z(P(“p”), simulations (points), codas, loess smoothers: (black) word-word, (ochre)
word-nonword, (blue) nonword-word continua.
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These simulations predict no greater cumulative discriminability for word-nonword nor nonword-word
than word-word continua, and therefore that an interactive model would predict the finding in the
Exp. 1b that cumulative discriminability would not
differ across the three continuum types. But they
also don’t produce the expected lexical biases, so
do they test the prediction that feedback from the
lexicon improves cumulative discriminability for a
word-nonword compared to a word-word continuum? (James Magnuson generously helped me in
producing the simulations.)
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Figs. 6 and 7 show that simulated stimuli were
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present in Japanese and therefore, /θ/ is often
assimilated into /s/ [12]. This L2 fuzzy phonetic
encoding property is evidenced by phonolexical
representation studies, which show that unlike L1
speakers, L2 speakers show priming effects in a
lexical decision task even when primes and targets are
different but share a similar phonetic segment (i.e.
minimal pair) [e.g. 8].
However, this does not necessarily mean that
improving L2 perceptual ability is not possible. Many
studies on L2 perceptual training or the effect of L2
language experience on L2 phonetic acquisition
report that identification or discrimination
performance improves after a certain amount of
training or exposure to the phonetic segments [6].
Nevertheless, the contribution of repeated
exposure to phonetic segments in L2 is still unclear,
as training potentially contains focused effects
compared with actual word learning [17]. To examine
the effect of mere repeated exposure to segmental
sounds in L2 perceptual learning, we explored
whether and to what extent Japanese language
learners of English adapt to /ɑ/–/æ/ and /s/–/θ/
contrasts that they have difficulty perceiving, using
the two-alternative forced identification task (Figure
1).

1. INTRODUCTION

2. METHOD

ABSTRACT
Previous studies have shown that native (L1) speakers
adapt to regional dialects and foreign accents rapidly.
Some studies show that non-native (L2) speakers also
adapt to foreign accents, but little is known about how
they adapt to L2 segmental sounds difficult to
perceive in the development of L2 phonetic
acquisition. This study explores whether adaptation
(learning effects) occurs as Japanese language
learners of English are exposed to the English
phonetic contrasts /ɑ/–/æ/ and /s/–/θ/ posing
perceptual difficulties for them during an
identification task. The results showed decreased
response times over the course of the experiment only
when participants were exposed to the same set of
minimal pairs. Accuracy rates did not change,
irrespective of whether target items were identical or
different. Taken together, the present study observed
reduced auditory processing cost, however, this
processing advantage resulted from enhanced
comprehensibility rather than from the improvement
of perceptual ability.

Successful language comprehension requires
perceiving similar phonetic categories correctly.
However, precise perception is not always easy even
for L1 speakers when speech deviates from native
norms like foreign-accented speech and regional
accents, which often contain multiple departures from
L1 speakers’ general accent and are thus often
perceived less correctly or as unintelligible [15].
Nonetheless, there is evidence that (short-term)
repeated exposure to such unfamiliar accent reduces
perceptual difficulty. This learning effect is known as
adaptation [7, 11, 19].
Similarly, L2 speakers often have difficulty
perceiving phonetic segments precisely when those
sounds are not available in auditory representations
that have been developed in L2 speakers’ first
languages [5, 10]. For example, Japanese language
learners of English often misperceive the /θ/ sound as
the /s/ sound, as a voiceless dental fricative is not
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2.1. Participants

In all, 38 Japanese language learners of English (18
males, mean age 19) took part in the experiment for
course credits. One participant, whose first language
was not Japanese, was removed before data analysis.
Each participant filled in a language background
questionnaire before the experiment, which showed
that the average age when participants started
learning English was 10 (range = 3–13, SD = 3).
Participants also took an English proficiency test
called ‘Progress’ prior to the experiment; the results
indicated that they were low-to-intermediate English
language learners. All participants provided informed
consent before the experiment and were instructed to
be able to withdraw at any time during the
experiment.

2.2. Materials

The two-alternative forced identification task
contained 64 minimally-paired words consisting of
either /s/–/θ/ (e.g. “sing” vs. “thing”) or /æ/–/ɑ/ (e.g.
“black” vs. “block”) contrasts. In addition to these
target items, 32 minimally-paired words, which are
known not to cause perceptual difficulty for native
Japanese speakers (e.g. /i/–/e/) were created as
distractors and distributed in each block equally.
These distractors were used not only to avoid
participants noticing the purposes of the experiment
but also to calculate adjusted response times (see 2.4.
Data analysis). Both target and distractor items were
matched for length, frequency, and lexical decision
speed within each condition according to the English
Lexicon Project [2]. All materials were recorded by a
male native speaker of American English in a quiet
room.
Figure 1: Sequence of two trial examples in the twoalternative forced identification task.

2.3. Procedure

All words were displayed on a PC monitor and
responses were collected by the IBEX Farm webbased experimental presentation platform, developed
and
managed
by
Alex
Drummond
(www.spellout.net/ibexfarm/docs). Although the
IBEX Farm platform is often used when participant
recruitment and data collection are conducted over
the web, by distributing the experiment link to as
many people as possible to gain a large sample size,
the experiment reported in the present study was
conducted in the laboratory-based fashion. At the
beginning of the experiment, participants received
oral and written onscreen instructions on the
procedure in Japanese, the participants’ first
language. To familiarise them with the procedure,
several practice items were provided before the
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experiment began. During the two-alternative forced
identification task, participants listened to a word
followed by two visual probe words, and judged
which of the visually presented words corresponded
to the aurally presented word. They were instructed to
press the ‘1’ key for the first option and the ‘2’ key
for the second option. The experiment took
approximately 15-20 minutes.
2.4. Data analysis

Collected data were analysed in R [16] with the lme4
package [4] by fitting linear mixed effect models [1]
to response times and generalised linear mixed effect
models [13] to accuracy rates. Response times longer
than 10000ms and greater than three standard
deviations from each participant’s mean response
times within each condition were removed based on
visual inspections. These procedures resulted in an
exclusion of approximately 2% of the data. After this
removal procedure, response times were adjusted as
in some previous studies [7, 19] by subtracting each
participant’s mean response times of target words
from those of distractor words within each block to
remove the adaptation effect to the task itself. Each
model consisted of fixed effects of sound
(vowel/consonant) and block (Blocks 1–4). These
fixed effects were deviation-coded for comparisons
between Block 1 and Block 4 before being included
in the model. For comparisons of Blocks 1–3,
Helmert contrast coding was adopted for block to
compare between Block 1 and Block 2, and between
Block 3 and the mean of Block 1 and Block 2. All
models were initially constructed with maximal
random effects structures [3]. If the model failed to
converge, correlation parameters were removed, and
if it still did not converge, a random effect accounting
for the least variance was removed one by one until it
successfully converged. A fixed effect was
considered significant if p values, estimated from the
Satterthwaite approximation implemented by the
lmerTest package [14] for linear mixed effect models
and the Laplace Approximation for generalised linear
mixed effect models, were at or below .05.

Figure 2: Adjusted response times by sound and
block. Error bars indicate standard errors.
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Figure 3: Accuracy rates by sound and block. Error
bars indicate standard errors.
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3. RESULTS AND DISCUSSION
Mean accuracy rates to distractor items were 99%
(range = 91–100, SD = 0.12), which indicated that
participants paid attention to the experiment.
For Blocks 1–3, although there was some weak
tendency towards longer response times for
consonant than for vowel contrasts (t = 1.63, SE = 69,
p = .11), this effect is difficult to treat, as length and
familiarity are not controlled for across vowels and
consonants. We also observed a main effect of block,
as response times decreased over the course of the
experiment (Block 1 vs. Block 2: t = 2.29, SE = 45, p
< .05; Block 3 vs. mean of Blocks 1 and 2: t = 3.72,
SE = 96, p < .001), showing learning effects.
Regarding accuracy rates, the model yielded a main
effect of sound due to lower accuracy rates for
consonant than for vowel contrasts (z = 3.10, SE =
0.36, p < .01). However, there was no effect of block
nor interaction between them.
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For comparisons of Block 1 and Block 4, there
was a main effect of sound in accuracy rates due to
higher error rates for consonant than for vowel
contrasts (z = 2.26, SE = 0.04, p < .05). However, no
learning effects were observed in both response times
and accuracy rates unlike Blocks 1–3.
As described, decreased response times with no
interaction with sound across Blocks 1–3 suggest that
learning effects occurred as participants engaged in
the two-alternative forced identification task,
irrespective of vowels and consonants. This finding is
compatible with some previous L1 studies showing
rapid adaption to a foreign accent [7, 19]. However,
contrary to [19], accuracy rates did not improve
across the blocks. As mentioned, several
phonolexical representation studies show that unlike
L1 speakers, L2 speakers may have fuzzy
representations of similar L2 phonetic segments [8].
The finding that L2 participants’ accuracy rates
remained similar across Blocks 1–3 is compatible
with these studies under the assumption that
unchanged accuracy indicates that the two phonetic
segments were not activated separately by exposure.
Importantly [8], which used the ABX task, reports
that L2 speakers at least have an ability to notice that
two similar phonetic segments are phonologically
different even in the early stage of L2 acquisition but
cannot encode them in a native-like manner. Given
the above, it is conceivable that decreased response
times observed across Blocks 1–3 result from either
adaptation to the talker’s accent, lingering sound
patterns,
or
both,
which
increased the
comprehensibility of the differences between the two
phonetic segments, rather than from the improvement
of perceptual ability to identify them correctly. This,
in other words may indicate that implicit learning
hardly occurs in L2 phonetic acquisition considering
the implicit nature of adaptation. It is, however,
possible that there was some effect on accuracy of
phonetic perception, given that there was some
tendency towards more correct responses in the latter
blocks when target items were consonants, but it was
not detectable, potentially due to insufficient input.
Relatively low error rates across the blocks, which
reduces the power to detect effects [9], may
contribute to this undetectability. These factors could
account for differences between null effects observed
in the present study and the positive effects of training
exposure on identification performance in previous
studies [e.g. 6]. Another important finding is that the
processing advantage observed between Blocks 1–3
disappeared in Block 4, where different sets of
minimal pairs were presented. One account of this
may be that such processing advantage by adaptation
or lingering sound patterns appears only within learnt
repeated words, as L2 speakers are potentially less

sensitive to abstract information than L1 speakers.
For example, [18] reports that while participants
showed priming effects, a phenomenon underlining
adaptation, in their first language during the
immediate repetition task, irrespective of whether the
repeated word was spoken by the same speaker or not,
they did not do so in their L2 when the repeated word
was spoken in a different voice. As [18] suggests, this
finding may indicate L2 speaker’s reduced ability to
generalise across two instances of spoken L1 words
differing in perceptual properties. It is also possible
that another set of minimal pairs increased processing
costs, which counteracted the processing advantage,
given that paying attention to new information can be
cognitively costly, especially for L2 speakers.
Alternatively, as discussed in the analysis on
accuracy, reduced power, due to residuals of the
statistical model not being normalised completely in
this case, may have affected the result, although we
tried to gain normalisation by removing response
times that were incredibly long or too deviant from
each participant’s mean response times within each
condition. Given that there is some numerical
tendency towards decreased response times in the
consonant condition, increasing statistical power may
find learning effects across two different sets.
4. CONCLUSION
The present study examines whether Japanese
language learners of English show learning effects by
repeated exposure to phonetic contrasts that they have
difficulty perceiving correctly during a twoalternative forced identification task. We observed
learning effects, manifesting as significantly reduced
response times over the course of the task. However,
these reduced response times seemed to result from
adaptation to the talker’s accent or/and lingering
sound patterns rather than from enhanced
intelligibility of the two similar phonetic segments.
Further, the observed processing advantage is
restricted to the same set of minimal pairs. Overall,
L2 speakers benefit from repeated exposure to similar
phonetic segments, but it may not lead to global
improvement in phonetic learning.
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ABSTRACT

Native speakers of Japanese experience challenges in
differentiating Mandarin nasal finals, even after years
of experience with Mandarin. We used a hybrid
perceptual training approach with highly proficient
Japanese learners of Mandarin to improve their ability
to distinguish nasal final contrasts, which are not
distinctive in Japanese. Eight learners participated in
a 6-day adaptive and high-variability perceptual
training procedure, including a pre-, mid-, and posttest on categorisation of nasal finals, whereas eight
control participants received the same three tests
without the intervening training. No significant prepost performance changes were observed in the
controls, whereas the trainees achieved an overall
13% improvement in identifying nasal final contrasts
and better categorisation of nasal final continua.
Additionally, they showed better generalisation to
untrained nasal finals in both citation form and
continuous speech. These findings suggest that
hybrid adaptive and high-variability perceptual
training helps facilitate highly proficient foreign
learners’ formation of non-native phonological
representations.
Keywords: L2 learners, perceptual assimilation, nonnative contrasts, adaptive/high-variability training.
1. INTRODUCTION
It may seem reasonable to assume that highly
proficient second language (L2) users perceive L2
phonetic contrasts accurately. However, even for
them some L2 perceptual difficulties do persist [1].
The degree of difficulty depends on the similarities
and differences between the L2 learners’ native (L1)
phonemes and the L2 phones, and reflects persisting
influences from the phonetic-phonological relations
they have attuned to in their native language [2-3].
For example, highly proficient Japanese learners still
have difficulty discriminating the Mandarin alveolarvelar nasal contrast /n/-/ŋ/ in final position (coda) [4].
This difficulty can hinder the learners’ understanding
of spoken Mandarin, as nasal finals (finals ending
with nasal codas, i.e., [ən]/[əŋ]) occur in at least 46%
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of the most frequently used Mandarin monosyllables
[5]. Japanese has a single “placeless” nasal final, the
mora N, i.e., no place of articulation contrast.
According to the Perceptual Assimilation Model
(PAM) [2], Japanese-L2 listeners should perceptually
assimilate both Mandarin nasal finals to their
placeless N and show poor discrimination if they
perceive both Mandarin nasals as equally good or bad
exemplars of N (Single Category assimilation: SC).
However, the nasal finals cause nasalisation of
preceding vowels in both languages, and Mandarin
listeners discriminate their nasal final contrast on the
basis of the nasalised vowels [6-8]. As Japanese Nnasalised vowels have been reported to be more
similar to the Mandarin velar than alveolar nasalised
vowels [8], Japanese listeners may instead perceive
the Mandarin nasal finals as a good versus a less-good
N-nasalised vowel (Category Goodness difference
assimilation: CG), which PAM [2] predicts to be
easier to discriminate than an SC assimilation, and
more amenable to L2 learning improvement [9].
This study focuses on aiding Japanese learners to
overcome difficulties in discriminating Mandarin
nasal final contrasts, using a hybrid perceptual
training approach that utilises L2 phonetic variability
as a tool for enhancing perceptual learning and
generalisation. Phonetic variability is ubiquitous in
verbal behaviour and perceivers use two
complementary principles to detect more abstract
phonological information from phonetic variability
[10]: phonological distinctiveness, by which critical
differences between phonetic segments distinguish
similar-sounding words (i.e., cake from coke); and
phonological constancy, which keeps word identity
intact across lexically irrelevant variations such as
talker differences. Exposing L2 learners to natural
variations in non-native contrasts (high-variability
perceptual training, HVPT) contributes to successful
perceptual learning because phonetic variability helps
L2 learners develop abstract representations that can
accommodate a wider range of examples [11]. For
example, [12] trained native speakers of Japanese
with English /r/-/l/ distinctions produced by multiple
speakers in variable word forms, resulting in better
generalisation performance than [13], which trained

Japanese learners with limited variability (rock-lock
contrast produced by a single speaker). HVPT has
been applied to the learning of different L2 phonetic
contrasts, such as English /u:/-/ʊ/ by Catalan/Spanish
bilinguals [14], and English /w/-/v/ by native German
speakers [15]. We used an HVPT approach in our
study, reasoning it could help Japanese learners to
form abstract representations of nasal final contrasts.
Unlike naïve L2 learners, however, highly
proficient L2 users have been familiarised with the
target phonetic contrasts produced by multiple talkers
in variable lexical representations [16]. They may
thus benefit less from HVPT than naïve learners. On
the other hand, they may have failed to learn the
critical perceptual cues for difficult L2 contrasts [17]
such as nasal finals, i.e., they may not have learned
phonological distinctiveness for those contrasts.
Thus, training highly proficient listeners to perceive
critical perceptual cues calls for modifications of the
HVPT paradigm. Adaptive perceptual training (APT)
meets this challenge by exposing L2 learners to an
acoustic continuum synthesised with the primary
perceptual cues, which is expected to aid L2 learners
in
gradually
forming
non-native
abstract
representations of the critical cues to the contrast [18].
A hybrid perceptual training paradigm of APT
followed by HVPT has been shown to be effective in
improving Japanese learners’ perception of Mandarin
tones [19]. However, little attention has been paid to
improve perception of Mandarin nasal final contrasts
by highly proficient Japanese learners. This study
thus used the hybrid perceptual training with highly
proficient Japanese learners to train them on
Mandarin nasal finals.

for Computer Assisted Pronunciation Training
(CAPT) as the original materials for creation of
synthetic stimuli for APT training. Eight nasal final
continua (“fan-fang/fang-fan”, “shan-shang/shangshan”, “fen-feng/feng-fen”, and “shen-sheng/shengshen”) were synthesised by varying the second
formant (F2) of the vowel part in nasal finals, which
is the critical perceptual cues for nasal finals [21].
Figure 1 shows the synthetic continuum in “fang-fan”
group, where the x-axis shows 10 equal time points
of the stimulus syllable and the y-axis displays
frequency values. The blue line at the bottom with
triangle markers is the first formant (F1), and the red
line on the top with circle markers is the third formant
(F3), for all stimuli. F2 varied from “fang” (lowest
F2) to “fan” in 13 equal steps, resulting in 13 stimuli
(13 F2 contours). There were 104 stimuli (13 stimuli
× 8 continua) used in APT and 312 stimuli (13 stimuli
× 8 continua × 3 repetitions) used in the categorisation
tests.
Figure 1: Synthetic “fang-fan” continuum

2. METHOD
2.1. Participants

16 native speakers of Japanese were recruited, eight
as trainees (2 males, 6 females; Mean = 23 years old)
and eight as controls (3 males, 5 females; Mean = 23
years old). All were students at Beijing Language and
Culture University who had learned Mandarin for 2
years, with a mean Mandarin proficiency of five (on
a scale of 1-6, from beginner to advanced, where 5
refers to advanced), as certified by HSK (Hanyu
Shuiping Kaoshi) [20].
2.2. Stimuli

2.2.1. Nasal final continua
Four nasal final contrasts (“fan/fang”, “shan/shang”,
“fen/feng”, and “shen/sheng”) produced by a female
speaker were chosen from Chinese Inter-Language
Corpus of Beijing Language and Culture University
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2.2.2. Categorisation of nasal final continua
Fifteen Chinese listeners (5 males, 10 females; Mean
= 25 years old) born in the northern China provided
native baseline perceptual data on the continua. They
heard 312 trials in random order via E-prime 2.0
professional [22], blocked by 78 trials, in a twoalternative identification task pressing F for alveolar
nasal finals and J for velar nasal finals. The inter-trial
interval was 3000ms. It took each listener one hour to
complete categorisation tests. Figure 2 shows the
categorisation of “fang-fan” continuum. All eight
nasal final continua were perceived categorically by
Chinese listeners, and served as Chinese Perceptual
Models (CPMs). Therefore, the continua were used as
training materials in APT.

2.2.3. Nasal final words

3. RESULTS

1216 real Mandarin words (152 words × 8 female
speakers) were chosen from CAPT with various
syllabic structures to ensure context variability for use
in HVPT training. All had nasal finals. There were 76
stimuli in each of the pre-test, mid-test, and post-test
and 30 stimuli in daily progress tests. 60 stimuli
produced by a trained and a novel speaker were
prepared for the word and speaker generalisation
tests, respectively. In addition, 60 sentences
consisting of nasal final words in word generalisation
test were recorded by the novel speaker in speaker
generalisation test with the carrier sentence “yí gè X
zì” (“X is a Chinese character”) [23] for the sentence
generalisation test.
Figure 2: Identification functions for “fang-fan”
continuum

The correct identification scores for the trained and
control groups at pre-test, mid-test, post-test, word
generalisation, speaker generalisation, and sentence
generalisation are shown in Figure 3. The trainees
showed improvements from the pre-test (70% correct
identification) to the mid-test (76%), to the post-test
(83%), a substantial 13% increase in nasal final
identification accuracy. This increase was also
observed in the three generalisation tests (86% correct
identification in WGT; 81% in SGT; and 82% in
StGT). In contrast, the control group exhibited a
decreasing tendency across the three generalisation
tests (73% in WGT; 68% in SGT; 67% in StGT),
although they started at the same level as the trainees
in the pre-test (70% correct identification) and
exhibited a little improvement in the mid-test (75%),
but no further improvement in the post-test (75%).
Figure 3: Mean percent correct identification of nasal
finals for trained and control groups at the pre-test, midtest, and post-test, word generalisation (WGT), speaker
generalisation (SGT), and sentence generalisation (StGT)
test. Error bars indicate the standard error of the mean.

2.3. Procedures

Following a pre-test on categorisation and
identification of nasal finals, a 2-day APT training
was conducted with the 8 Japanese learners using the
nasal final continua. After finishing the mid-test, they
started a 4-day HVPT procedure, followed by a posttest and three generalisation tests. There was a 5minute daily progress test at the end of each training
session. No more than one training session was run in
a day. The controls only completed the pre-, mid-, and
post-tests without training. The procedures for testing
were similar to the categorisation tests of nasal final
continua by native Chinese listeners.
During the APT training, trainees were presented
with CPMs in eight slides via Powerpoint 2013 that
labelled the alveolar and velar nasal final categories.
For each continuum, they distinguished nasal final
contrasts by pressing them audibly. A “test+study”
mode was used for the HVPT training, using E-prime
2.0. On each trial, participants were asked to make a
two-alternative identification judgment with
immediate feedback. They could continue to listen to
the target word until they mastered it. There were 304
trials (152 words × 2 speakers) in each training
session blocked by 76 trials. Speakers were blocked
and there was a short break after each block. The
inter-trial interval was 3000ms. Each training session
took an hour to complete.
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The results were analysed using two two-way
ANOVAs of test and group (trained, control), with
test as the repeated measure. There was a significant
main effect of test (pre-, mid-, versus post-test) [F (2,
28) = 7.278, p = .009], and significant main effects of
test (WGT, SGT, versus StGT) [F (2, 28) = 4.374, p
= .027] and group [F (1, 14) = 5.805, p = .030]. To
further investigate these effects, we conducted two
one-way ANOVAs with test (pre-, mid-, versus posttest) as the repeated measure. There was no
significant main effect of test [F (2, 14) = 3.260, p =
0.069] for the control group, whereas a significant
main effect of test [F (2, 14) = 4.426, p = 0.031] for
the trained group, and post hoc comparisons showed
that there was a significant difference between pretest and post-test (t = -2.368, p = 0.05). These results
indicate that trainees significantly improved their
identification of nasal final contrasts. Another two
one-way ANOVAs were conducted with test (WGT,

SGT, versus StGT) as the repeated measure. There
was significant main effect of test [F (3, 21) = 3.383,
p = 0.037] for the control group, whereas no
significant main effect of test [F (3, 21) = 0.972, p =
0.425] for the trained group. These results suggest
that the trainees could generalise the trained words
and speakers to novel ones, whereas the control’s
daily Mandarin input failed to help them distinguish
nasal final contrasts.

perceptual results of native Chinese listeners, 𝑆𝑖 is
Japanese learners, and 𝑍𝑗 refers to error score
between Chinese and Japanese learners in terms of
categorical perception. The lower the error score, the
smaller the differences between the trainees and
native listener, indicating better training efficiency.
The error scores, for example, on the “fang-fan”
continuum, decreased from 0.43 in the pre-test to 0.38
in the middle-test and 0.39 in the post-test.

Figure 4: Learning progress in the trained group. Error
bars indicate the standard error of the mean.

4. DISCUSSION

Figure 4 shows the learning progress in the trained
group during the 6 training sessions. There was an
improvement from training session 1 (64% correct
identification) to training session 2 (72% correct
identification), which was the end of the APT phase.
The trainees experienced a fluctuating improvement
in the following four training sessions, achieving a
79% correct identification score in training session 6.
The overall results of daily tests were submitted to a
one-way ANOVA test with the test session as the
repeated measure. Results showed that there was
significant main effect [F (5, 35) = 3.267, p = 0.016]
and post hoc comparisons showed that there were
significant differences between training sessions 1
and 2 (t = -3.317, p = 0.013), which indicates that
trainees may master the critical perceptual cues for
nasal final contrasts. There was significant difference
between training sessions 1 and 6 (t = -3.349, p =
0.012), but no significant differences between the
training sessions 2 and 6 (t = -1.623, p = 0.149), which
is consistent with perceptual results between the preand post-test and between the mid and post-test.
The overall improvements in the trained group
could not identify the effects of the APT training on
abstract representation formation. An error score
proposed by [17] was therefore introduced to observe
differences in categorisation of nasal final continua
between native Chinese listeners and Japanese
learners, which is defined in (1):
(1)

1

2
𝑍𝑗 = √13 ∑13
𝑖=1(𝑆𝑠,𝑖 − 𝑆𝑗,𝑖 )

where j is the number of subjects (j=1-8), i is the
number of stimuli in the continua (i=1-13), 𝑆𝑠 is the
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The perceptual results in the pre-test are consistent
with the conclusion in [4] that highly proficient
Japanese learners have difficulty in distinguishing
Mandarin nasal final contrasts. Moreover, the control
failed to improve by only receiving daily input in the
non-native Mandarin language environment, which
provides them with variable phonetic variations of the
contrasting categories, suggesting that they fail to
detect the critical perceptual cues for the phonological
distinctiveness of the nasal final contrast. This
problem was solved by the design of APT in this
study. Because the trainees’ categorisation of nasal
final continua improved after APT and stayed
approximately unchanged in the post-test. These
results suggest that APT helped Japanese learners
grasp the crucial perceptual cues for nasal final
distinction, paving the way for forming phonological
representations of nasal final contrasts.
It is interesting that there was a significant
difference in correct identification between training
sessions 1 and 2, but no significant difference
between the pre- and mid-tests. We noticed that the
correct identification decreased after the first APT
training session, which may be that participants have
difficulty in switching from synthetic to natural
stimuli [13], because the synthetic stimuli lack speech
information on phonological constancy [10].
However, the successful generalisation to novel
words, novel speakers, and even continuous speech
supports the idea that the trainees formed
phonological representations of nasal final contrasts
after HVPT, which provides L2 learners with
information not only on phonological distinctiveness,
but phonological constancy, making up the failure of
APT in generalising to natural speech.
The hybrid perceptual training paradigm in this
study appears to facilitate the formation of
phonological representations for highly proficient
Japanese learners, which proves that native language
influence on perception of non-native contrasts is not
absolute or permanent [24] as long as learners get
trained with appropriate perceptual training methods.
In addition, the paradigm can also be extended from
L2 supra-segmental [19] to segmental perception.
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ABSTRACT
As a theoretical model for cross-language perception,
the Perceptual Assimilation Model accounts for
listeners’ discrimination of non-native contrasts
from an unknown language. For Japanese listeners,
whose native language has a two-way sibilant
contrast, the perception of Mandarin sibilants, with a
three-way contrast, is of interest, although not fully
explored so far.
Data from ten Japanese speakers without any
experience of Mandarin learning were collected for
two experiments. In experiment I, the listeners were
asked to select the most similar Japanese sound with
the target stimuli and to rate its goodness on a 5point scale. In experiment II, an AXB discrimination
task of the three Mandarin sibilant contrasts was
conducted. The results indicated that the
discrimination of Mandarin retroflex /ʂ/ and alveolopalatal /ɕ/, whose assimilation pattern is Single
Category assimilation, is relatively difficult for
Japanese listeners with no Mandarin experience,
consistent with PAM's prediction.
Keywords: Mandarin, sibilant, naïve listeners,
sound discrimination, perceptual assimilation
1. INTRODUCTION
The present study investigates the perception of
Mandarin three-way sibilant contrasts by Japanese
native listeners. The sounds in focus are the retroflex
fricative /ʂ/ and alveolo-palatal fricative /ɕ/ in
Mandarin. An assimilation experiment and an AXB
discrimination experiment were conducted. Finally,
this paper will discuss the prediction by Perceptual
Assimilation Model [1, 2, 3].
1.1. Background

1.1.1. Mandarin sibilants
There are three sibilants in Mandarin: voiceless
alveolar fricative /s/, voiceless so-called retroflex
fricative /ʂ/ and voiceless alveolo-palatal fricative /ɕ/
[7, 10, 18]. All of the obstruents in Mandarin are
voiceless. The so-called retroflex fricative is also
called post-alveolar fricative [12] because it is the
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upper side, not the underside, of the tip of the tongue
that is used to approach the back of the alveolar
ridge, which is different from the typical retroflex
sounds in Hindi [10]. Phonologically, /s/ and /ʂ/ are
contrastive, however, /ɕ/, only appearing when
followed by the glides /j/ /ɥ/ or high vowels /i/ /y/, is
in complementary distribution with /x/ (the velar
fricative) /s/ and /ʂ/ .
Alveolo-palatal consonants in Mandarin have
been identified as allophones of velar consonants [5],
however, they are also considered as sounds to be an
independent series by another study [6]. It is similar
to Japanese /ɕ/, which is in complementary
distribution with the alveolar /s/ and only appear
when followed by glide /j/ and vowel /i/ [16]. All of
the sibilants can only appear in the onset position.
There are several studies reporting the various
realizations of Mandarin sibilants. /s/ is described as
a dental [5, 7] or alveolar [8, 10] fricative, while /ʂ/
is characterized as a retroflex [7] or apical postalveolar [12] fricative. For /ɕ/, it was characterized
as a "palatalized post-alveolar" sound through X-ray
and palatograms [11]. A later study [12] using
palatograms and linguograms showed that /ɕ/ is a
laminal or antero-dorsal alveolar-postalveolar or
postalveolar fricative. EPG and EMA data were also
collected to examine the place of articulation of
Mandarin sibilants [8], reporting that "it is
meaningless to characterize /ɕ/ in terms of a distinct
place of articulation". The influence of individual
difference in various characterizations of Mandarin
sibilants has also been reported [14, 15].
1.1.2. Japanese sibilants
There are two voiceless sibilants in Japanese:
voiceless alveolar fricative /s/ and voiceless alveolopalatal fricative /ɕ/ [16, 17]. Compared with English
post-alveolar fricative /ʃ/, the constriction of /ɕ/ is
longer in distance from front to back although both
/s/ and /ɕ/ are laminal fricative. These two sounds
are in contrast with each other, however, when
appearing before /i/ and /j/, /s/ and /ɕ/ would share
the allophone [ɕ], which is called neutralization [9].
All of the sibilants can only appear in the onset
position.

1.2. PAM

2. EXPERIMENT I

As a theoretical model, Perceptual Assimilation
Model [1, 2] proposes that native speakers of one
language perceptually assimilate a pair of sounds
from an unknown foreign language into their native
phonemic system, according to their phonetic
similarities to, or differences from the phonological
categories of their native language. During the
assimilation process, the learners may categorize the
two sounds into different patterns, which predict the
speaker’s discrimination ability for the sounds.
Two different sounds categorized into two
different native phonemes will lead to Two Category
assimilation (TC type) in PAM. TC assimilation is
the easiest pattern to be recognized. Two sounds
categorized into the same phoneme with an equal
degree will lead to Single Category assimilation (SC
type), which is the most difficult pattern to be
recognized. When the two sounds are categorized
into the same phoneme with different goodness level,
Category Goodness difference (CG type) will be
formed.
There are also three other patterns for
uncategorized and non-speech sounds. When one or
both non-native sounds could not be sufficiently
categorized into any given native phoneme, one, or
both of them are Uncategorized. If one sound could
be categorized as native phoneme when the other
could not, it results in Uncategorized- Categorized
assimilation (UC type), which is easily recognized.
However, if both sounds were uncategorized,
Uncategorized-Uncategorized assimilation (UU type)
will be formed, whose discrimination depends on the
similarity of the sounds to their partially-similar
native phones. Finally, when both sounds are treated
as non-speech sounds, Non-Assimilable (NA type)
will be formed. Recently, PAM was proposed to
apply to L2 perceptual learning [3].

2.1. Stimuli and listeners

One male native speaker (26 years old, from Beijing,
China) recorded the stimulus materials. The
materials included three nonsense words /asa/ /aɕa/
and /aʂa/. All of these words are in T1 (tone one, the
high-level tone). The words were written as
Mandarin characters for the speaker and pronounced
independently. The stimuli were recorded through a
USB microphone (Blue Snowball) and digitized at
44.1Khz with 16 bits accuracy. Besides the stimulus
materials, /afa/ and /aha/ were recorded as
distractors.
Ten Japanese native speakers (18-23 years old,
M=19.8) participated in experiment I. All are
university students of Japan. Eight of them were
raised in the Greater Tokyo Area (Tokyo, Kanagawa,
or Saitama) while the rest was raised in Osaka. None
have learned any Chinese language; however, all
have learned English from junior-high school.
2.2. Procedures

Experiment I was carried out in a soundproof room
through a headphone (MDR-CD900ST). Praat [4]
was used as an interface. Before the test, the
listeners were asked to familiarized with the task.
The listeners were asked to select the most
similar Japanese sound with the stimuli and to rate
its category goodness on a 5-point scale. The words
/asa/, /asha/, /afa/, and /aha/ were presented as
katakana for Japanese listeners. Experiment I
included 5 stimuli × 2 token × 10 repetitions = 100
trials. The listeners could have a break after every 50
trials and all of the stimuli were presented randomly.
Table 1: The result of Experiment I.

Mandarin
Sibilants

1.3. Present study

For Japanese listeners, whose native language has a
two-way sibilant contrast, the perception of
Mandarin sibilants, with a three-way contrast, is of
interest, but not explored yet. While Mandarin
alveolo-palatal sibilant /ɕ/ is articulately similar to
Japanese /ɕ/, Mandarin retroflex sibilant /ʂ/ is distant
from both two Japanese sibilants. The present study
primarily aims to investigate the perception of
Mandarin sibilants by Japanese naïve listeners.
Whether PAM could account for the discrimination
performance will also be discussed.
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/s/
/ʂ/
/ɕ/

Most
Common
Assimilation
/s/
/ɕ/
/ɕ/

Proportion

Goodness
rate (1~5)

98%
100%
99%

4.77
4.66
4.37

2.3. Results

Table 1 shows the result of experiment I. Mandarin
/s/ was perceived as Japanese /s/ at the rate of 98%
with the mean goodness rate at 4.77. Both Mandarin
/ʂ/ and /ɕ/ were perceived as Japanese /ɕ/ in high
proportion and mean goodness rates (/ʂ/: 100%, 4.66;
/ɕ/: 99%, 4.37). A paired t-test showed no significant

difference between the mean goodness rates of each
listener of “/ʂ/ to /ɕ/” and “/ɕ/ to /ɕ/” (t = -1.975, n.s.).

Figure 1: The result of Experiment II.

3. EXPERIMENT II
3.1. Stimuli and listeners

One additional female native speaker (26 years old,
from Beijing, China) of Mandarin recorded the
stimulus materials for Experiment II. The materials
are the same nonsense words as Experiment I and
recorded through the same equipment.
Another ten Japanese native speakers (22-39
years old, M=26) participated in experiment II. All
are university students in Japan. Six were raised in
Greater Tokyo Area (Tokyo, Kanagawa, or Saitama)
while the rest was raised in other areas. None have
learned any Chinese language; however, all have
learned English from junior-high school.
3.2. Procedures

The listeners participated in an AXB discrimination
test. Each trial included three stimuli, recorded in
different tokens, in random order (AAB, ABB, BBA
or BAA) and the second stimulus was the same word
as the first or the third one but spoken by the
different speaker. Then, the listeners were asked to
judge which sound (the first or the third one) was
more similar to the second one.
Experiment II included 4 pairs (3 sibilant pairs +
1 distractor pair) × 4 AXB orders × 10 repetitions =
160 trails. The sibilant pairs are /s/-/ɕ/, /s/-/ʂ/ and /ʂ//ɕ/. The distractor pair is /f/-/h/.
3.3. Results

Fig. 1 presents the result of Experiment II. The mean
accuracy rates of Mandarin sibilant contrast were:
96.8% (/s/-/ʂ/, sd=5.5%), 95.3% (/s/-/ɕ/, sd=5.9%),
and 68.5% (/ʂ/-/ɕ/, sd=18.6%). The error bars show
the standard errors of the mean.
A logistic regression analysis (Gaussian) was
conducted for the result of Experiment II. Table 2
shows the summary of the logistic regression, whose
dependent variable is accurate rate (correct as 1,
incorrect as 0). The independent variable, sibilant
pair (/s/-/ʂ/, /s/-/ɕ/, /ʂ/-/ɕ/) is categorical (nominal
scale). The /ʂ/-/ɕ/ contrast was significantly different
from the results of other two contrasts (p < .01).
Notably, the discrimination of /ʂ/-/ɕ/ contrast is more
difficult for Japanese listeners than other two
contrasts. Additionally, the relatively larger standard
deviation indicated the greater individual difference
for discrimination of /ʂ/-/ɕ/ than other two contrasts.
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Table 2: The summary of logistic regression
analysis of Experiment II.

Independent
Variable
Sibilant pair
/s/-/ʂ/
/s/-/ɕ/
/ʂ/-/ɕ/

Odds Ratio
(95% CI)

P value

reference
0.99
(0.94-1.03)
0.75
(0.72-0.79)

0.49
< 0.001

4. DISCUSSION
4.1. Perception

In the perception of Japanese listeners, Mandarin /s/
was categorized into Japanese /s/ in high goodness
rate. Articulately, Mandarin /s/ is similar with
Japanese /s/, both of which are alveolar fricatives.
Japanese listeners categorized both Mandarin /ʂ/
and /ɕ/ into Japanese /ɕ/ with similar high goodness
rate. Mandarin /ɕ/ is also similar with Japanese /ɕ/ in
place and manner of articulation. Although there is
no retroflex sound in Japanese, the movement of
tongue, approaching the back of the alveolar ridge,
when pronouncing Mandarin /ʂ/ is similar with
Japanese /ɕ/. Therefore, it is reasonable that
Japanese listeners perceived Mandarin /ʂ/ as
Japanese /ɕ/.
Discriminations between Mandarin /s/ and other
two sibilants are proved to be easy for most Japanese
listeners. The contrast of Mandarin /ʂ/-/ɕ/, however,
is difficult for them to discriminate.
4.2. Prediction by PAM

Table 3 presents the prediction by PAM
according to experiment I and the performance of

listeners in experiment II. According to the
prediction by PAM, the assimilation pattern of
Mandarin sibilant contrast /s/-/ʂ/ and /s/-/ɕ/ for
Japanese native listeners are both TC types. Their
discriminations are predicted to be excellent, and
listeners indeed performed almost perfectly. As an
unfamiliar sound for Japanese listeners, Mandarin
retroflex /ʂ/ is considered to be confused with /ɕ/
because of the similarity of articulation. The
assimilation pattern of Mandarin sibilant contrast /ʂ//ɕ/ is SC type, whose discrimination was predicted to
be poor. The result was also consistent with the
prediction by PAM.
Table 3: The assimilation pattern and prediction
by PAM and the result of the discrimination
experiment.

Mandarin
Sibilant
Contrast
/s/-/ʂ/
/s/-/ɕ/
/ʂ/-/ɕ/

Assimilation Prediction Result
Pattern
TC
TC
SC

Excellent
Excellent
Poor

Excellent
Excellent
Poor

5. CONCLUSION
The present study investigated the perception of
Mandarin three-way sibilant contrast by Japanese
listeners without the experience of learning
Mandarin. Experiment I revealed that both Mandarin
retroflex /ʂ/ and alveolo-palatal /ɕ/ are assimilated
into Japanese alveolo-palatal /ɕ/ in the same degree
of goodness, leading to a prediction that /ʂ/-/ɕ/
distinction is relatively difficult for the listeners by
PAM. Experiment II revealed a lower accuracy rate
of distinguishing /ʂ/-/ɕ/ than other two Mandarin
sibilant contrasts (/s/-/ʂ/ and /s/-/ɕ/). The results
indicated that the discrimination of Mandarin /ʂ/-/ɕ/,
whose assimilation pattern is Single Category
assimilation, is relatively difficult for Japanese
listeners, while other two contrasts can be
discriminated with no difficulty. According to the
results of experiments, PAM accounts for the
pattern of perception of Mandarin sibilants by
Japanese listeners with no Mandarin experience.
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ABSTRACT
This study examines the identification of Standard
Chinese initial consonants by native Danish students
of Chinese as a foreign language (CFL). Segmental
perception is known to be affected by neighboring
segments, and in the case of Chinese, certain
consonantal contrasts may be enhanced by the quality
of the following vowel. We examined how well
intermediate learners of Chinese could apply
(implicit) knowledge of L2 phonology in their
identification of Chinese coronal obstruents that are
known to pose challenges. This paper focuses on two
sets of postalveolar sibilants ([tɕ, tɕʰ, ɕ] and [tʂ, tʂʰ,
ʂ]) that are often perceived and produced similarly by
CFL learners.
Results show a hierarchy of correct identification
depending on the following vowel: /i/ > /u/ > /a/. We
suggest that learners rely on implicit knowledge of
phonotactics when perceiving non-native contrasts.
Keywords: Nonnative speech perception, Mandarin
postalveolars, vowel context effects.
1. INTRODUCTION
The coronal inventory of Standard Mandarin Chinese
(also just Mandarin) consonants is much larger than
that of Danish, so L1 Danish learners of Chinese as a
foreign language (CFL) must focus their attention on
a number of consonantal contrasts that they do not
otherwise attend to. Specifically, the three-way
contrast of the Mandarin sibilants ([ts, tsʰ, s], [tɕ, tɕʰ,
ɕ] and [tʂ, tʂʰ, ʂ]) is quite rare amongst the world’s
languages [8], and recent studies have investigated
how CFL learners acquire this novel contrast [9, 14].
In addition to these three sets of fricatives, and
aspirated and unaspirated affricates, the coronal
inventory also includes two alveolar stops [t] and [tʰ].
The rich inventory of 11 Mandarin coronals differs
greatly from the Danish inventory with just six
coronals [t, tsʰ, s, ɕ, tɕ, tɕʰ].
As well as learning novel contrasts of L2 phones,
language learners must also acquire knowledge of L2
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phonotactics. The Mandarin syllabary consists of
approx. 400 syllables excluding tones, a significantly
smaller number than that of other major world
languages such as English [5]. In Mandarin, the
palatal sibilants may be followed by an [i], while
dental and retroflex sibilants are followed by a
homorganic syllabic consonant [ɹ̩ ] or [ɻ̩] [10], and it
has been suggested that this alternation in vowel
quality enhances the otherwise perceptually similar
contrast. [11] found that palatals and dental sibilants
were less easily discriminated by native and nonnative listeners when both were followed by [i],
whereas
sibilant
discrimination
improved
significantly for all listeners when the consonants
preceded [i] and [ɹ̩ ] respectively, in accordance with
the phonotactics of Mandarin Chinese. The otherwise
very similar acoustic characteristics of Mandarin
sibilants seem to be more distinct in the /i/ context
because of the alternation in quality of the syllable
nucleus. As for the high, rounded vowels, the
alternation only pertains to the palatals, which are
followed by [y], while dental and retroflex sibilants
are all followed by [u]. All series of sibilants may be
followed by a low vowel. We should note that the
phonemic status of [tɕ, tɕʰ ɕ] is disputed given the
predictable alternation of the following high vowels,
which means that the palatals never contrast
minimally with some of the other obstruent series.
Syllables initiated by palatals with a non-high nuclear
vowel are often analyzed as containing a medial high
front segment (e.g. [4]), but this segmentation of the
Chinese syllable is sometimes contested as it has been
suggested that there is not a full segment in the
transition between palatal C and non-high V [6, 7]
The aim of this study was to investigate the role of
phonotactic knowledge on learners’ perception.
Specifically, we wanted to examine how well (if at
all) intermediate learners of CFL can make use of
predictable patterns in the Mandarin consonantvowel phonotactic restrictions when they perceive
coronal obstruents. The identification experiment
included stimuli of 11 initial Mandarin consonants [t,
tʰ, ts, tsʰ, s, tɕ, tɕʰ, ɕ, tʂ, tʂʰ, ʂ] in different vowel
contexts, but we limit the scope of this paper to the
results and implications derived for the six

postalveolar sibilants. The two series of postalveolars
are known to be perceived and produced similarly by
listeners whose L1 has only a single set of
postalveolars (e.g. L1 English [3, 12]) and
specifically for L1 English CFL learners [12]
suggests that the confusion derives from the fact that
the place of articulation of English /dʒ, tʃ, ʃ/ lies
between the two Mandarin series. Previous research
suggests similar perceptual problems for L1 Danish
listeners [13]. For naïve L1 Danish listeners, palatals
and retroflexes map onto the same L1 category,
constituting in the terminology of the Perceptual
Assimilation Model [1] either a Single-Category
assimilation type or Category-Goodness assimilation
type, and the ability to successfully discriminate such
contrasts can be difficult for learners to acquire. In
this study we examine L1 Danish learners’ ability to
correctly identify the two sets of postalveolars in
three different vowel conditions to evaluate if learners
can make use of implicit knowledge about L2
syllables in their perceptual judgments. We expect
that distinct quality of the high vowels will help
learners identify the initial postalveolar consonants
more correctly, whereas we expect greater confusion
between the two places of articulation in the [au]
vowel condition as there are no further cues to the
contrasts in the syllable.
2. METHODS
2.1. Participants

Fifteen third semester students from the China studies
program at Aarhus University participated in the
identification experiment as volunteers. Their ages
ranged from 20-25. All participants had studied
Mandarin at university level for one year, but they
differed in relevant language and immersion
experiences. Participants reported no hearing
problems.
2.2. Stimuli

Five female native speakers of Mandarin Chinese
were recorded producing three repetitions each of 35
CV syllables in the carrier phrase “我说 的是 __”
(“What I said was __”). Target syllables were
presented to the speakers in standard pinyin
orthography with the tonal diacritic for high level
(first) tone, to allow for potentially uncommon or
non-existent syllables. The speakers, aged 23-29,
were familiar with pinyin, and their reading of the
stimuli was unproblematic. The first author selected
the best token from each speaker, which then was
verified with 97% accuracy by a native Mandarin
listener in a separate identification task. This resulted
in stimuli selection of 5 x 35 = 175 unique tokens that
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were used in the identification experiment. The 175
stimuli were randomly presented twice, resulting in
350 trials in all. The results reported in this paper are
based on identification responses for 18 of the 35
syllables, i.e. the palatal and retroflex sibilants in
three different vowel contexts. Table 1 presents the
CV combinations of the selected stimuli.
Table 1: CV combinations selected as stimuli.
C
V

/au/
/u/
/i/

tʂ
[au]
[u]
[̩ɻ̩]

tʂʰ
[au]
[u]
[̩ɻ̩]

ʂ
[au]
[u]
[̩ɻ̩]

tɕ
[au]
[y]
[i]

tɕʰ
[au]
[y]
[i]

ɕ
[au]
[y]
[i]

2.3. Procedure

Participants first received a short written passage of
Chinese text given in characters, which they
transcribed in standard pinyin orthography. This was
to ensure familiarity with the pinyin letters as
response categories. The experiment was conducted
in a sound attenuated booth in the speech laboratory
at Aarhus University. Some of the participants were
tested in pairs where two students sat in opposite
facing directions and ran the experiment from
separate computers over high quality headphones at
the same time. The identification experiment was run
in Praat [2], and response options were given on the
screen in corresponding pinyin letters. The entire
experiment included 11 initial coronal obstruents in
Mandarin, so pinyin letters <d, t, z, c, s, zh, ch, sh, j,
q, x> were all included as response categories. The
following presentation and discussion of data will be
limited to results from the stimuli with initial [tʂ, tʂʰ,
ʂ, tɕ, tɕʰ, ɕ] (i.e. <zh, ch, sh, j, q, x>). The five alveolar
consonants [t, tʰ, ts, tsʰ, s] will also be discussed when
the corresponding orthographic responses <d, t, z, c,
s> were selected as response categories for the
postalveolar tokens. There was no time limit on the
participants’ responses, but they were encouraged to
respond as fast and as accurately as possible. Stimuli
were presented with an ITI of 0.5 seconds after the
response was registered.
3. RESULTS
Tables 2, 3, and 4 show the response matrices for the
six Mandarin postalveolar sibilants as identified by
Danish intermediate learners. Results are presented
according to the vowel context of the stimuli and
discussed separately. Only the low vowel context /au/
has the same vowel quality across the two sibilant
series, which differ in place of articulation. The
quality of high vowels alternates predictably. In the

tables below, cells of correct responses are
highlighted, and responses of less than 5% are not
included. Alveolar response categories are added in
rows below the six postalveolars in all three tables so
all incorrect responses >5% can be reported.
Table 2: Identification responses of stimuli in the
/au/ condition (see text). Accurate identification
responses are highlighted.
Stimuli
Responses

tʂ
tʂʰ
ʂ
tɕ
tɕʰ
ɕ
tʰ
tsʰ

tʂ
57%

tʂʰ

ʂ

tɕ
13%

83%

tɕʰ

ɕ

9%
64%

Table 4: Identification responses of stimuli in /i/
condition.
Stimuli
Responses

tʂ
tʂʰ
ʂ
tɕ
tɕʰ
ɕ
tʰ
ts
tsʰ

tʂ
89%

tʂʰ
7%
84%

6%

ʂ

tɕ
6%

5%
90%

tɕʰ

ɕ

6%
81%
5%

73%

5%
77%

8%
7%
6%

8%

Table 2 shows that correct identification of the six
postalveolars varies considerably in the /au/
condition. The aspirated palatal affricate /tɕʰ/ is
misheard as /tʰ/ in 52% of the trials, and only in 9%
of the responses misidentified as its retroflex
counterpart /tʂʰ/. Palatal place confusion in the
direction of retroflexes is limited (8% - 13%),
whereas two retroflex tokens are misheard as palatals
more frequently (31% - 41%).

Table 4 above shows the identification matrix for
the high, unrounded vowel condition. When followed
by [i] or the syllabic consonant [ɻ̩], the two series of
Chinese postalveolar sibilants are generally identified
with higher accuracy (73% - 90%) than in the two
other vowel conditions. Place confusion between the
two sets of postalveolars is limited to 6% for some of
the affricate pairs. The fricatives /ɕ/ and /ʂ/ are not
confused with each other, but sometimes mistakenly
heard as their respective homorganic aspirated
affricate.
Taken together, the data from the three separate
vowel conditions indicate that Danish learners’
identification of Mandarin postalveolar sibilants is
strongly affected by the following vowel.

Table 3: Identification responses of stimuli in /u/
condition.

4. DISCUSSION

Stimuli
Responses

tʂ
tʂʰ
ʂ
tɕ
tɕʰ
ɕ
s

41%

80%
28%
31%

89%

7%
5%

tʂ
85%
5%

52%
9%

tʂʰ

ʂ

84%

21%
69%

7%
7%

tɕ
19%

tɕʰ

69%
7%

6%
83%

ɕ

11%
23%
53%
6%

Accurate identification scores of postalveolars
also vary considerably (53% - 85%) when they
precede high rounded vowels as shown in Table 3.
The greatest source of confusion is found for the
perception of the fricatives, which are misidentified
as the homorganic aspirated affricate in 21% and 23%
of instances. Confusion between the two postalveolar
series is most notable in the direction of retroflexes,
with 11-19% of palatal tokens misidentified as their
retroflex counterpart.
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This study revealed a number of expected and
unexpected findings regarding the effect of the
following vowel on L1 Danish learners’ identification
of Mandarin postalveolar sibilants. We had expected
a larger percentage of misidentification errors
between the two sets of postalveolar sibilants in the
/au/ condition because of the shared vowel quality
across the place contrast. This hypothesis was
partially supported with a range of these specific
place errors from 8% - 41% in the /au/ condition, 7%19% in the /u/ condition, and 0 – 6% in the /i/
condition.
Since the vowel quality differs greatly between
retroflex and palatal initiated syllables in the /u/
condition ([u] and [y], respectively), we had not
expected misidentification of consonants in this
condition to be as frequent as was the case. Danish
has a phonemic distinction between /u/ and /y/, so L1
Danish learners of Mandarin are sensitive to the front
rounded vowel that occurs in some syllables.
Beginning learners of Mandarin may initially be
confused by the representation of this vowel in pinyin
orthography, which is <u> after palatals <j, q, x> and
<ü> after <n, l>. All participants in this experiment

had demonstrated perfect pinyin transcription of
segments, but we did not examine their pronunciation
prior to testing. It is possible that some of the
participants could have pronounced <qu> ([tɕʰy]) as
[tɕʰu], but we find this explanation unlikely
considering how frequently this syllable occurs in the
Mandarin lexicon, e.g. in 去, “to go”. It is more likely
that students were not aware of all the cues that may
assist them in distinguishing between palatals and
retroflexes, as the present experiment was
deliberately conducted before the participants had
received any explicit teaching on Mandarin phonetics
and phonology. It would be interesting to examine the
effect of explicit instruction, and it would be equally
interesting to compare the present results with those
from a group of learners whose L1 does not contrast
/u/ and /y/. One could expect that L1 English learners,
whose L1 does not have an /y/ vowel, would have
even greater problems identifying retroflex and
palatal consonants correctly in the /u/ condition.
In the /i/ condition, confusion between the two
postalveolar series was minimal, which supports the
claim advanced by e.g. [11] that the contrast is
enhanced by the notably different syllable nuclei [i]
and [ɻ̩]. The overall identification accuracy rates are
much higher in the /i/ condition, and the highest
incidence of confusions is limited to 8% of instances
in which [tɕʰ] is classified as /tʰ/. This error does not
seem surprising considering that both [tɕʰi] and [tʰi]
are licit Mandarin syllables. In the /au/ condition the
misidentification rate of [tɕʰ] for /tʰ/ is even higher
(52%), and the existence of the two syllables [tɕʰau]
(<qiao>) and [tʰʲau] (<tiao>) explains why this
particular rhyme is likely to cause confusion between
the alveolar stop and the affricate.
We did not include responses for alveolar
obstruents in this paper, but it is noteworthy that the
aspirated palatal affricate is not only likely to be
confused with its retroflex counterpart: This study
presents support for it being misperceived as the
aspirated alveolar stop in one condition. According to
the literature on Mandarin phonetics (e.g. [15]), the
palatals are acoustically most similar to the dental
sibilants [ts, tsʰ, s], so there is reason to expect
confusion of the palatals with several other Mandarin
consonants. The Mandarin coronal inventory consists
of consonants that L2 learners may find difficult to
perceive correctly (e.g. [9, 14]), and some of these
difficulties are clearly related to the L2 learner’s
native consonant inventory. This study further
suggests that learners’ correct identification of
Mandarin coronal obstruents, specifically the
postalveolar sibilants, indeed depends in large part on
the vowel context and on the CV combinations that
are phonotactically licit in the syllabary.
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ABSTRACT
The phonetic characteristics of French-accented
speech suggest that French native speakers often have
difficulty producing dental fricatives in English.
However, there is a surprising lack of empirical
research on perception of those consonants. Canadian
French speakers appear to assimilate /θ/ to /t/ and /ð/
to /d/, but loanword evidence suggests that European
French speakers should assimilate them to /s/ and /z/,
respectively. To test this, 151 native European French
listeners categorised and rated the goodness-of-fit of
English /θ, f, s, t, ð, v, z, d/ to French phonological
categories. /θ/ was categorised as /f/, whereas /ð/ was
uncategorised, with responses divided between /v/
and /z/. The remaining consonants were categorised
as their corresponding French categories, with /θ/
rated as a poorer French /f/ than /f/. While the
majority of individual participants categorised the
dental fricatives as /f, v/, there were small subsets of
participants who categorised them as /s, z/.
Keywords: Cross-language speech perception,
perceptual assimilation, dental fricatives, French.
1. INTRODUCTION
What is ze meaning of zis, Dumbly-dorr?
Madame Maxime,
Harry Potter and the Goblet of Fire
English native speakers have the impression that a
hallmark of European-French-accented English is
substitution of /s/ and /z/ for /θ/ and /ð/. What little
evidence there is from loanword phonology seems to
concur, with observations of Granny Smith
/gʁanismis/ and Big Brother /bigbʁɔzœʁ/ [12] (and,
more recently, Bluetooth /blutus/ [16] and The Voice
/zəvɔis/ [17]). There is some evidence for substitution
with /t/, as in macarthysme and cathode [4], although
this may be orthographically based, as th in French is
usually pronounced as /t/.
Studies on production of English dental fricatives
by French speakers are scarce. There is general
agreement that Canadian French speakers produce /θ/
and /ð/ as /t/ and /d/, respectively [5, 11-13], and that
European French speakers produce them as /s/ and /z/
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[5, 10, 12]. However, a small-scale production study
of European French speakers showed that most
speakers produced the dental fricatives correctly most
of the time in reading and imitation tasks [15]. When
they were produced incorrectly, they were produced
as /f, v/ rather than /s, z/.
This apparent mismatch between loanword
evidence and production raises the question of how
English dental fricatives are perceived by European
French listeners. Canadian French listeners perceive
words containing /θ/ as homophonous with minimal
pairs containing /t/ (e.g., three/tree), in line with their
productions [13]. Surprisingly, we have not found any
systematic investigation of the perception of dental
fricatives by speakers of European French in the peerreviewed literature. The aim of the present study is to
investigate how English dental fricatives are
perceived relative to native European French
consonant categories. We test a large group of over
150 European French listeners to analyse individual
differences in perception of /θ/ and /ð/.
As a framework, we use the Perceptual
Assimilation Model (PAM) [1], which outlines
different ways that non-native phones might be
assimilated to the native phonological space. Nonnative phones may be categorised as a native
phonological category (with a goodness-of-fit
ranging from poor to excellent) or uncategorised if it
is perceived as speech but as unlike any single native
category. Uncategorised phones can be further
subdivided into focalised (weakly consistent with a
single native category), clustered (weakly consistent
with more than one native category), or dispersed (not
consistent with any native category) [8]. Non-native
phones that are perceived as non-speech (e.g., click
consonants by English listeners [2]) are nonassimilable. PAM makes predictions about
discrimination of pairs of minimally contrasting
phones based on these perceptual assimilations.
European French native speakers were asked to
categorise English consonants in terms of their native
French consonant categories and rate the goodness of
fit to the chosen category. The target consonants were
/θ, ð/ and the English consonants that they are most
likely to be confused with: /f, s, t, v, z, d/. We took a
whole-system approach [6, 7] to categorisation by
giving participants the opportunity to select from all

possible French consonants. It should be noted that all
French school students now learn English at school,
so it is not possible to find university-aged students
who are naïve to English. The data presented here are
part of a larger project where categorisation in French
and English will be compared to discrimination
accuracy. This paper focuses on perceptual
assimilation to French only, to examine how
experience with French as a native language shapes
the perception of English dental fricatives and the
variability of perceptual assimilation across
individuals.
If perception of English dental fricatives matches
predictions of loanword phonology then /θ/ and /ð/
should be assimilated to /s/ and /z/, respectively. If
European French speakers’ assimilations are similar
to Canadian French speakers’ then they should
instead be assimilated to /t/ and /d/. Finally, if the
observations of [15] in production tasks hold true for
perception, then assimilation should be to /f/ and /v/.
2. METHOD
2.1. Participants
The participants were 151 native French speakers
recruited from a university sample (106 female, 136
right-handers, Mage = 22.2 years, SD = 3.5, range: 1846). Around half of the participants grew up in the
south of France, with the remainder from a range of
French regional areas. All of the participants learned
English and at least one other language at school,
usually Spanish or German. The mean age of
commencement of English study was 9.1 years (SD =
2.0, range: 3-13).
2.2. Stimuli
A phonetically trained female native speaker of
Australian English produced tokens of 23 English
consonants in a consonant + /a/ frame (/p, b, t, d, k, ɡ,
m, n, f, v, θ, ð, s, z, ʃ, ʒ, h, tʃ, dʒ, w, r, l, j/). The four
best tokens of the target consonants /θ, ð, f, v, s, z, t,
d/ were selected on the basis of auditory and visual
inspection of the waveform and spectrogram. The
tokens were selected on that basis, rather than on the
basis of expected acoustic characteristics, to allow
natural acoustic variability among tokens. The best
single tokens of the each of the remaining filler
consonants were selected in the same way.
The stimuli were recorded in a sound-attenuated
booth using a Beyerdynamic TG H55c microphone
and an Edirol UA-25EX USB audio capture device.
The audio was recorded using Audacity at a 44.1 kHz
sampling rate with 16-bit resolution. The session
recording was high-pass filtered at 70 Hz to remove
low-frequency rumble and correct for the DC
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presented twice in the same block. There were 126
trials in total
target consonants
4 tokens
x 3
component.
The(8duration
of the vowelx was
truncated
blocks
+
15
filler
consonants
x
2
presentations).
The
to 80 ms, and a 5 ms ramp was applied, to minimise
intertrial
interval
was
1 s and
task took around
15
the
influence
of the
vowel
on the
categorisation
[9]. The
minutes
to
complete.
acoustic characteristics of the final target stimuli are

presented in Table 1. All acoustic analyses and
3. RESULTS
stimulus editing were performed using Praat [3]. The
sound
were downsampled
to 22.05 across
kHz and
To testfiles
the reliability
of the categorisations
the
high-pass
filtered
from
300
Hz
to
analyse
the
group, the mean number of choices for eachspectral
label x
moments,
which were calculated
the basis
of a
stimulus combination
was tested on
against
a chance
25.6-ms
Hamming-windowed
slice
centered
at
score of 1/22 using a one-sample t-test. For target the
co
50% duration point of frication. Power was set to 1.
Table 1: Acoustic measurements of critical stimuli.
Stim = Stimulus, Dur = Duration (ms), Int =
Intensity (dB), COG = Centre of Gravity (Hz), SD
= Standard Deviation (Hz), Skew = Skewness, Kurt
= Kurtosis.
Stim
θa1
θa2
θa3
θa4
fa1
fa2
fa3
fa4
sa1
sa2
sa3
sa4
ta1
ta2
ta3
ta4
ða1
ða2
ða3
ða4
va1
va2
va3
va4
za1
za2
za3
za4
da1
da2
da3
da4

Dur
141
118
127
113
133
146
153
137
146
146
139
97
85
70
55
63
130
123
132
124
135
140
148
107
141
155
137
138
68
131
124
110

Int
52
45
48
47
58
54
58
53
66
60
65
66
60
59
56
57
66
66
64
63
68
64
64
63
66
64
63
64
50
62
58
60

COG
6547
7276
6370
6344
6819
6596
7003
6802
8385
7627
8663
8710

SD
3028
3293
3251
3349
2934
3145
2959
3090
2226
2403
1957
1802

Skew
-0.177
-0.705
-0.292
-0.324
-0.485
-0.274
-0.574
-0.427
-1.388
-1.153
-1.780
-2.057

Kurt
-1.150
-0.879
-1.159
-1.246
-0.906
-1.215
-0.887
-1.091
1.850
1.089
3.733
5.803

5305
5690
5825
6072
5754
6571
5443
5648
8278
8428
7902
8063

3505
3287
3362
3042
3562
3527
3499
3288
2130
2286
2640
2160

0.018
-0.081
0.005
-0.105
-0.139
-0.445
0.030
-0.046
-1.747
-1.682
-1.497
-1.718

-1.431
-1.278
-1.306
-1.197
-1.406
-1.216
-1.442
-1.248
3.718
2.747
1.714
3.475

The response categories were 22 orthographic
labels, including all attested French consonants
(including those only occurring in loanwords), with
keywords provided for potentially ambiguous letters:
Stim.
French
B, CH
chat, D, DJ jazz,
F, GCategory
gant, GNLabel
gnôle, HU huit,
J, K,Cat.
L, M, N,F P, R, S,
S T, TCH,
T V, W
V wapiti,
Z Y yaourt,
D
Z. These corresponded to the consonant categories /b,
ʃ, d, dʒ, f, g, ɲ, ɥ, ʒ, l, m, n, p, ʁ, s, t, tʃ, v, w, j, z/.
Stimulus presentation and response collection in the

Usi
d/ w
con
of
me
goo
We
unc
Z.

det
par
sim
sub
fro
sec
test
sele
tha
The
pre

con
v, z
/θ/
res
cat
par
par
cat

The
ass
unc
bet
res
thre

presented twice in the same block. There were 126
trials in total (8 target consonants x 4 tokens x 3 blo
experimental tasks were controlled by E-Prime
software.
2.2. Procedure
Participants were tested individually or in pairs. The
session consisted of six discrimination tasks followed
by two categorisation tasks. The focus of this paper is
on the first categorisation task.
The experimenter first familiarised the
participants with a printed version of the response
grid. The participants were told that they would hear
a syllable through headphones and they should pay
attention to the consonants at the beginning of the
syllable. They were instructed to select from among
the French consonant categories provided, even if the
consonant resembled one from another language that
they knew. If they were unsure, they should guess.
After selecting the consonant, they rated the
consonant’s goodness of fit to the selected category
on a scale of 1 to 7, where 1 was a poor fit (très peu
fidèle), 4 was medium (correspond moyennement)
and 7 was perfect (correspond parfaitement).
On each trial participants heard a single token
through headphones, and a grid showing the response
labels in alphabetical order. After clicking on a
response, the screen was immediately replaced with a
rating screen. No feedback was provided. Participants
were given 4 s to categorise the stimulus, and 3 s to
provide a rating. If the participant timed out on either
the labelling or the rating, the trial was randomly
reinserted into the trial list. There were three blocks
of randomised trials and each target consonant token
was presented once per block. The filler consonants
were included so that the participants would not rely
on a small number of response categories, and to
check for vigilance and understanding of the task. The
fillers were presented twice each across the three
blocks, interspersed among the target consonants,
with the constraint that the same filler consonant was
not presented twice in the same block. There were
126 trials in total (8 target consonants x 4 tokens x 3
blocks + 15 filler consonants x 2 presentations). The
intertrial interval was 1 s and the task took around 15
minutes to complete.
3. RESULTS
To test the reliability of the categorisations across the
group, the mean number of choices for each label ×
stimulus combination was tested against a chance
score of 1/22 using a one-sample t-test. For target
consonants, the mean percent categorisation and
mean goodness ratings for above-chance responses
are presented in Table 2.
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Table 2: Percent categorisations to French
consonant categories and mean goodness ratings
out of 7 (in parentheses) for each target stimulus
category (Stim. Cat.). Labels not selected above a
chance level of responding were omitted from the
table.
Stim.
Cat.
/θ/
/f/
/s/
/t/
/ð/
/v/
/z/
/d/

F
76
(4.7)
98
(6.1)

French Category Label
S
T
V
Z
19
(3.4)

D

97
(6.0)
97
(5.7)
67
(4.9)
96
(6.1)

31
(3.8)
99
(6.4)
99
(5.9)

Using a 70% threshold for categorisation [for
Using
a 70%on
threshold
for categorisation,
/f, s, t, see
v, z,
discussions
the appropriate
use of thresholds,
d/6,were
each
categorised
as
the
corresponding
French
8], /f, s, t, v, z, d/ were each categorised as the
consonant.
/θ/ was
categorised
medium
version
corresponding
French
consonant.as/θ/a was
categorised
of
with aagoodness-of-fit
small but significant
as a
as F,
F with
falling inselection
the medium
medium-poor
version
S. The
differenceselection
in mean
range. There was
also aof
small
but significant
goodness
rating as Fversion
for /θ/ versus
/f/ was
significant,
as a medium-poor
of S. The
difference
in
mean goodness
rating
as F forp /θ/< versus
Welch’s
t(225.56)
= 10.33),
.001. /f/
/ð/ was
was
significant, Welch’s
t(225.56) =
10.33),between
p < .001.
uncategorised,
with responses
divided
V /ð/
and
was uncategorised/clustered, with responses divided
Z.
between
medium-goodness
V andit medium-poor
Z. to
With an
analysis by group
is not possible
With
an
analysis
by
group
it
is
not
possible
to
determine whether the split responses are due to many
determine
whether
the
split
responses
are
due
to
many
participants perceiving the English fricatives as
participants
perceiving
the French
Englishcategory,
fricativesorasto
similar
to more
than one
similar of
to participants
more than one
French category,
or to
subsets
perceiving
them differently
subsets
of
participants
perceiving
them
differently
from each other. To investigate this, we conducted a
from each
other.by
Toindividual
investigateparticipant.
this, we conducted
a
second
analysis
A binomial
second analysis by individual participant. A binomial
test was used to establish whether a given label was
test was used to establish whether a given label was
selected above chance. Again, labels selected more
selected above chance. Again, labels selected above
than 70% of the time were deemed to be categorised.
70% for a given auditory stimulus category were
The
distribution
individual The
assimilation
typesofis
deemed
to be of
categorised.
distribution
presented
Figure 1. types is presented in Figure 1.
individualinassimilation
Unsurprisingly,
individual participants
participants were
were
Unsurprisingly, individual
consistent
in
their
perceptual
assimilations
of
/f,
consistent in their perceptual assimilations of /f, s,s,t, t,
v,v,z,
Around
a quarter
of participants
assimilated
z, d/.
d/. The
majority
of participants
categorised
/θ/ as
/θ/
and
/ð/
as
uncategorised
(22%
and
F (68%) with only 9% of participants categorising24%,
/θ/
respectively).
majoritycategorised
of participants
as S. Around 58%The
of participants
/ð/ as V,
categorised
/θ/ as F it(68%)
with only
9% ofof
with 20% categorising
as Z. Around
a quarter
participants
categorising/θ//θ/and
as/ð/
S. asAround
58% of
participants assimilated
uncategorised
(22% and 24%, respectively).
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Figure 1: Distributions of individual participants’ perceptual assimilations for each English stimulus consonant.
“Cat as” denotes “Categorised as”.
Distribution of participants' individual
assimilations (%)

100
90

Uncategorised

80

Cat as CH

70

Cat as K

60

Cat as D

50

Cat as Z

40

Cat as V

30

Cat as T

20

Cat as S

10

Cat as F

0
/θ/

/f/

/s/

/t/
/ð/
/v/
English Stimulus Consonant

4. DISCUSSION
The analysis at the group level showed that /θ/ was
assimilated as F. /ð/ was uncategorised/clustered,
with responses divided between V and Z, although the
modal response was V and it was just below the
threshold of 70%. This finding suggested that there
may be subgroups of participants who perceptually
assimilate the dental fricatives in different ways. An
analysis of individual participant assimilations
showed that the majority assimilated the dental
fricatives as F and V, but with clear subgroups who
assimilated them as S and Z. A minority of
participants assimilated them as uncategorised.
It is clear from these results that European French
listeners do not perceptually assimilate English dental
fricatives in the same way as Canadian French
listeners (i.e., /t, d/), whose perception may be
influenced by the assibilation of their dental /t, d/ to
[ts/dz] in certain phonetic contexts [14]. English
speakers’ characterisations of a French accent in
production (i.e., /s, z/) do not match with French
listeners’ perception as predominantly /f, z/. The
findings of [15] suggest that dental fricatives are at
least sometimes produced as /f, v/, but in loanword
phonology production of dental fricatives is /s, z/.
This opens up the intriguing possibility that some
French native speakers may perceive /θ, ð/ as /f, v/ but
produce them as /s, z/.
Direct investigation of a perception-production
mismatch would require a targeted experiment, but
there are some suggestions in the literature for how
such a mismatch might occur. On the basis of a crosslanguage survey of loanwords, [12] suggested that the
adaption of /θ, ð/ to /t, d/ is a phonological adaptation,
through [+continuant] delinking, whereas adaptation
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/z/

/d/

to /f, v/ is the result of naïve phonetic approximation,
or “faulty perception”. Adaptation to /s, z/ was
thought to be due to difficulties articulating the dental
fricatives, with /s/ and /z/ surfacing as productionbased phonetic approximations. However, loanword
phonology may be influenced by orthography or
reflect phonology prior to diachronic change.
Participants would need be tested on both perception
and production for direct evidence of a mismatch. [5]
suggested speakers are aware that the labiodental is
the incorrect pronunciation, because it is visually
distinct, and opt for an alternative coronal consonant
instead. She predicted that French learners acquiring
English with auditory materials alone may be likely
to produce labiodentals more frequently than those
exposed to auditory-visual speech.
In spite of English speakers’ impressions that a
French accent is characterised by substitution of /θ, ð/
with /s, z/, these results have shown that the majority
of native European French listeners perceptual
assimilate them as slightly deviant versions of their
native labiodental categories. The finding that
subgroups of listeners perceive them as /s/ and /z/
warrants further investigation. These data are part of
a larger project examining the acquisition of dental
fricatives. Future analyses will consider both L1 and
L2 categorisation, the influence of perceptual
assimilation on discrimination, and whether the
individual differences in perceptual assimilation
correspond to differences in discrimination.
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ABSTRACT
Whereas Spanish word-initial stops can be pre-voiced
or voiceless, Korean word-initial stops are always
voiceless, its three-way contrast being distinguished
partly by short- vs. long-lag VOT. In intervocalic
position, Spanish voiced stops become spirantized
and Korean lenis stops become voiced, resulting in
complicated phonological mappings among the stops
in the two languages. In this exploratory study we
tested the perceptual assimilation and discrimination
of Korean stops by native Spanish (1) naïve listeners
and (2) L2 learners of Korean.
It was found that both groups of listeners
predominantly (roughly 70-90%) assimilated all
Korean stops to a Spanish voiceless stop category,
with the only major exception being intervocalic lenis
stops. Differences between the listener groups were
minor in the perception of word-initial stops, but
much clearer in the case of intervocalic stops, which
we attribute to effects of L2 experience.
Discrimination accuracy was largely predicted by
perceptual assimilation patterns.
Keywords: non-native speech perception; Spanish
stops; Korean stops; perceptual assimilation
1. INTRODUCTION
The literature on the second language (L2) acquisition
of non-native stop contrasts suggests that many errors
in production are due to differences in the use of voice
onset time (VOT) in the realization of the native (L1)
and L2 stop contrasts [8, 9, 20, 22, 27]. It has
separately been claimed that the mispronunciation of
certain non-native sounds by L2 learners is due to L1
and L2 phonological categories existing in a shared
phonological space, with certain L2 perceptual targets
failing to be sufficiently differentiated from the
targets of similar L1 sounds [7]. It follows that a
central question in the acquisition of L2 stop systems
is how the members of the L2 stop contrast are
perceived, both by naïve listeners and L2 learners.
The Korean stop system contrasts tense (fortis)
/p*, t*, k*/, lax (lenis) /p, t, k/, and aspirated /ph, th,
kh/ stops. In word-initial position, VOT and
fundamental frequency (f0) are the primary acoustic
cues to the contrast: tense stops are cued by short-lag
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VOT and high f0, lax stops by long-lag VOT and low
f0, and aspirated stops by long-lag VOT and high f0
[14, 15]. Previous studies have investigated the L2
acquisition of the Korean stop contrast by L1
speakers of English [19] and Mandarin [11], both
languages with a short-lag vs. long-lag VOT stop
contrast, and also Japanese [13, 26], a language with
a voiced vs. voiceless stop contrast that has been
claimed to be undergoing a sound change in which
historically voiced stops are becoming short-lag
voiceless stops [23, 24]. These studies found that
Korean tense stops were assimilated by naïve English
and Mandarin listeners to their L1 short-lag stop
category, but by naïve Japanese listeners as to their
L1 voiced stop category. It was speculated that the
sound change in progress might have led Korean
tense stops to be perceived as post-sound change
Japanese voiced stops.
How would Korean stops be perceived by speakers
of a language whose voiced stops are unequivocally
pre-voiced? Spanish contrasts voiced (/b, d, g/) and
short-lag voiceless (/p, t, k/) stops in word-initial
position. These voiced stops are fully pre-voiced,
with the onset of laryngeal vibration preceding the
closure release by 40 ms or more [5, 10, 16]. If VOT
is the primary cue by which L1 Spanish listeners
perceptually assimilate non-native stops, it is
predicted that naïve Spanish listeners would
assimilate all word-initial Korean stops – tense, lax,
and aspirated – to Spanish voiceless stop categories.
In intervocalic position, Korean lax stops do become
fully voiced [b, d, g], but Spanish voiced stops are
realized as homorganic approximants [β̞, ð̞, ɣ̞] [10]. It
is thus unclear whether any Korean stop in any
position would ever be assimilated to a Spanish
voiced stop category.
The current study aimed to explore the perceptual
mappings of non-native Korean stops onto native
Spanish categories. To generate hypotheses about L2
acquisition, we tested the perceptual assimilation and
discrimination of Korean stops by both naïve Spanish
listeners and native Spanish L2 learners of Korean.
Comparing the perception of these two populations
can shed light on how knowledge of the phonological
system of Korean can affect acoustic perception (cf.
[12, 21].

2. METHOD
A pre-registered study plan and R code are available
at https://osf.io/afdj7/.
2.1. Participants

15 naïve Spanish listeners (tested in Alicante, Spain)
and 15 L1 Spanish L2 learners of Korean (tested in
Seoul, South Korea) participated in this study. The L1
Spanish L2 learners of Korean were all undergraduate
students or professors at a university in Seoul. None
of them started learning Korean before the age of 16,
and they varied in length of residence in Korea (M =
26.9 months, SD = 20.6) and Korean instruction (M
= 12.0 months, SD = 10.8).
2.2. Materials

The stimulus set consisted of Korean isolated CVs
and VCVs produced by female native speakers of
Seoul Korean. There were 216 CVs (3 phonation
types × 3 places of articulation × 3 vowel contexts /a,
i, u/ × 4 talkers × 2 tokens), and 72 VCVs (3
phonation types × 3 places of articulation x 1 vowel
context /a/ × 4 talkers × 2 tokens).

vowel contexts × 3 contrasts (tense-lax, tenseaspirated, lax-aspirated) × 2 talkers × 2 orders.
Discrimination: Participants were presented with
AXB trials of Korean stops, with an ISI of 750 ms.
Each of the three stimuli in each trial was produced
by a different talker, and the order of talkers was the
same for every trial. There were 108 CV trials (3
places × 3 vowel contexts × 3 contrasts × 4 orders:
AAB, ABB, BBA, BAA), and 36 VCV trials (same
as above but with only one vowel context, /a/).
2.4. Data analysis

As this study is exploratory in nature, for the
perceptual assimilation task we report simply the
proportion of voiced and voiceless responses for each
stimulus category and listener group. For the relative
voicing perception task, the proportions of each
Korean stop category that were perceived as more
similar to a Spanish voiced stop category will be
reported. Lastly, for the discrimination task we ran a
repeated measures ANOVA to determine whether
each listener group’s accuracy varied by phonation
type contrast, followed by planned comparisons
among the AXB stimuli orders (cf. [6, 18, 25]).
3. RESULTS

2.3. Procedure

The experiment was presented on a notebook
computer running OpenSesame ver. 3.2.5 [17].
Listeners completed five tasks in the following order:
(1) CV perceptual assimilation, (2) VCV perceptual
assimilation, (3) relative voicing perception, (4) CV
discrimination, and (5) VCV discrimination. All
written and verbal instructions were given in Spanish.
Task order was not counterbalanced as it was not
expected to have a significant impact on the results.
Perceptual assimilation: Participants heard one
stimulus at a time and clicked on a button on the
screen to indicate which Spanish stop the C sounded
most similar to, given six choices presented
orthographically: <b>, <p>, <d>, <t>, <g>, <k>. The
CV block was presented before the VCV block, but
stimuli were randomized within each block. All 216
CV and 72 VCV Korean stimuli were played once.
Relative voicing perception: Two CV stimuli
produced by a single talker at the same place of
articulation but of differing phonation types were
played consecutively with an ISI of 750 ms.
Participants then chose which of the two stimuli was
more similar to the homorganic Spanish voiced stop.
For example, if a trial consisted of Korean /pa/-/pha/,
the participant would choose whether the first or
second stimulus sounded more similar to Spanish /b/.
A total of 108 trials were presented: 3 places × 3
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3.1. Perceptual assimilation

In the CV trials, listeners from both groups
assimilated all three Korean stop categories to a
Spanish voiceless category roughly 70 to 90% of the
time, as shown in the left side of Table 1. At least two
general observations can be made from these results.
First, given the voiceless nature of word-initial
Korean stops, it was expected that close to 100% of
the stimuli would assimilate to Spanish voiceless
categories, especially in the case of long-lag VOT lax
and aspirated stops. An investigation of items and
listeners showed that in both listener groups 5 of the
15 listeners accounted for over 70% of lax and
aspirated stop trials assimilated to a voiced stop
category, suggesting large individual differences in
the perceptual assimilation of Korean stops. A similar
level of inter-listener variation was observed in the
responses to tense stops, with individual rates of
assimilating tense stops to a voiced category ranging
from 0 to 80% A thorough exposition of these
individual differences cannot be presented here due to
space limitations, but consequences of this finding
will be discussed below.
Second, the L2 listeners’ assimilation patterns
were slightly more skewed toward Spanish voiced
categories than the naïve listeners’ were. Substantial
inter-listener variation was observed here as well.

Table 1: Percentage (%) of each stimulus category
assimilated to Spanish stop categories.
Naïve
/b, d, g/
/p, t, k/
L2
/b, d, g/
/p, t, k/

Ten
31.9
68.1
Ten
31.6
68.4

CV
Lax
13.4
86.6
Lax
17.6
82.4

Asp
11.2
88.8
Asp
10.2
89.8

Ten
16.9
83.1
Ten
9.2
90.8

VCV
Lax
55.6
44.4
Lax
93.1
6.9

3.3. Discrimination

Asp
3.6
96.4
Asp
3.1
96.9

In the VCV trials, a much larger difference
between the listener groups was observed, as shown
in the right side of Table 1. While Korean lax stops
were perceived as both voiced and voiceless in
roughly equal proportions by the naïve listeners, the
L2 listeners were far more likely to perceive them as
voiced (93.1%). Here as well, however, a high level
of inter-listener variation was observed in the
perception of lax stops by naïve listeners: although
the mean assimilation rate to Spanish voiced stop
categories was 55.6%, the individual rates ranged
from 0 to 100%. These high levels of individual
variation were not expected.
3.2. Relative voicing perception

The question addressed in this task was which Korean
stop categories, when directly compared to each
other, sound more like Spanish voiced stops. The
results from both listener groups suggest that Korean
tense stops are perceived as the most similar to
Spanish voiced stops, but when lax stops are directly
compared to aspirated stops, it is lax stops that sound
moderately more similar to Spanish voiced stops, as
shown in Table 2.
Table 2: Percentage (%) of trials in which each
Korean stop category was chosen as more similar to
a Spanish voiced stop category.
Naïve
Ten-Lax
Ten-Asp
Lax-Asp
L2
Ten-Lax
Ten-Asp
Lax-Asp

Ten
74.4
73.7
Ten
64.1
78.1

Lax
25.6
55.2
Lax
35.9
62.8

The results of the CV discrimination trials are shown
in Table 3. The accuracy column is the overall
accuracy for the contrast in each row. The A→B and
B→A columns break down the overall accuracy into
trials that that were AXB and BXA, respectively, (e.g.
in the first row, which is tense-lax, A→B includes
/p*a/-/p*a/-/pa/ and /p*a/-/pa/-/pa/, whereas B→A
includes /pa/-/p*a/-/p*a/ and /pa/-/pa/-/p*a/).
Table 3: Discrimination accuracy (%) and d′ on CV
trials. A→B includes AAB and ABB trials, whereas
B→A includes BAA and BBA trials.
Naïve
Ten-Lax
Ten-Asp
Lax-Asp
L2
Ten-Lax
Ten-Asp
Lax-Asp

accuracy (d′)
67.0 (0.88)
67.2 (0.90)
53.3 (0.17)
accuracy (d′)
63.1 (0.67)
63.0 (0.66)
52.0 (0.10)

A→B
61.9 (0.60)
61.1 (0.56)
53.0 (0.16)
A→B
60.7 (0.54)
62.2 (0.62)
53.3 (0.18)

B→A
72.2 (1.19)
73.3 (1.26)
53.7 (0.18)
B→A
65.6 (0.79)
63.7 (0.70)
50.7 (0.04)

Overall, the CV discrimination results reveal
differences in accuracy among the contrasts in both
naïve [F(2,28) = 14.4, p < .001] and L2 listeners
[F(2,28) = 9.5, p < .001], with planned comparisons
showing that listeners are more accurate at
discriminating tense stops from lax and aspirated
stops than they are at discriminating lax and aspirated
stops from each other (all comparisons p < .01). With
respect to stimulus order, planned paired t-tests
revealed a significant effect of order for naïve
listeners in tense-lax [t(14) = -3.3, p = .005] and tenseaspirated [t(14) = -3.2, p = .007] trials, such that
listeners were more accurate when first stimulus was
lax or aspirated. No effect was found for naïve
listeners on lax-aspirated trials, or for L2 listeners at
all.

Asp
Table 4: Discrimination accuracy (%) and d′ on
VCV trials. A→B and B→A are used as in Table 3.

26.3
44.8
Asp
21.9
37.2

The differences between the naïve and L2 listeners
were minor, but together suggest that L2 listeners
perceive lax stops as slightly more similar to Spanish
voiced stops than naïve listeners do. The tense-overlax rate decreased from 74.4% to 64.1%, and the laxover-aspirated rate increased from 55.2% to 62.8%.
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Naïve
Ten-Lax
Ten-Asp
Lax-Asp
L2
Ten-Lax
Ten-Asp
Lax-Asp

accuracy (d′)
79.4 (1.61)
58.3 (0.42)
82.8 (1.91)
accuracy (d′)
81.7 (1.78)
56.1 (0.30)
83.9 (1.94)

A→B
85.6 (2.02)
50.0 (0.00)
81.1 (1.71)
A→B
80.0 (1.62)
55.6 (0.27)
82.2 (1.78)

B→A
73.3 (1.20)
66.7 (0.83)
84.4 (2.09)
B→A
83.3 (1.90)
56.7 (0.33)
85.6 (2.02)

The results of the VCV discrimination trials are
shown in Table 4. Both naïve [F(2,28) = 26.1, p <
.001] and L2 [F(2,28) = 20.1, p < .001] listeners
exhibited differences in accuracy among the three
contrasts, with planned paired t-tests revealing
significant differences between the tense-aspirated

trials and the two other contrasts for both listener
groups (all comparisons p < .001). With respect to
stimulus order, planned paired t-tests revealed a
significant effect for naïve listeners in tense-aspirated
[t(14) = -2.2, p = .046] trials, such that listeners were
more accurate when first stimulus was aspirated. No
other order effects were found.
Taken together, the results from the discrimination
tasks are largely predictable from the perceptual
assimilation patterns reported in Section 3.1.
4. DISCUSSION
Given that word-initial Korean stops are always
voiceless, it was initially predicted that naïve Spanish
listeners would assimilate all word-initial Korean
stops to a Spanish voiceless stop category. It was
found that they often did, but not always, and our
exploration of why revealed a high degree of interlistener variability. This result was unexpected, as
most other studies of the perceptual assimilation of
Korean stops reported a high degree of consistency
across naïve listeners [11, 13, 19, 26], presumably
due to perceptual assimilation being influenced by the
acoustic properties of the stimuli alone. It is less
surprising that inter-listener variability would be
found among L2 listeners, as their perceptual
assimilation would be affected not only by the
acoustic properties of the stimuli, but also the specific
properties of the phonological representations of
Korean stop categories they have developed so far,
which could easily differ across individuals.
Because our original study plan did not include
detailed comparisons between individual listeners,
we instead lay out here our plans for ongoing
analyses. First, it is possible that listeners might be
modifying their response strategy over the course of
the experiment: responses to early trials might favour
a voiceless response, but as no truly voiced stimuli are
presented listeners might start to shift their responses
to adapt to the VOT scale presented in Korean stops.
In an experimental manipulation described in the preregistration but for which data collection is still
ongoing, we have mixed in native Spanish stop
productions among the Korean stop stimuli in the
perceptual assimilation task to see whether the
presence of truly voiced stimuli would bias listeners
to assimilate the Korean stimuli to Spanish voiceless
categories.
Second, we plan to investigate whether different
listeners are weighting acoustic cues differently in the
Korean stop stimuli. In the most extreme example of
inter-listener variability, two naïve listeners
assimilated intervocalic lax stops to Spanish voiced
categories 0% of the time, while one listener did so
100% of the time. Given that Spanish intervocalic
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voiced stops are spirantized, it seems that some
listeners weigh the lack of spirantization in Korean
more than the presence of stop voicing, resulting in
such stimuli being assimilated to a Spanish voiceless
category. Although we cannot explicitly test cue
weighting in the current dataset, we believe the
current results can be used to generate hypotheses for
a follow-up study. The issue of individual differences
in stop perception by L1 Spanish listeners has been
discussed in the literature [1, 2], but not examined
systematically.
Third, the range of responses among the L2
listeners warrants a closer look at their individual
linguistic backgrounds. Because some of the L2
learners had much more experience with Korean than
others, it is possible that some of the inter-listener
variation, among the L2 listeners at least, could be
partly explained by their level of L2 experience.
Lastly, our interpretation of the discrimination
results was based on group-level patterns, and it was
indeed shown that in both the CV and VCV trials,
both groups of listeners were in aggregate more
accurate at discriminating between Korean stops that
were assimilated to different categories, in line with
predictions made in the literature [3, 4]. But because
the aggregate group results were actually reflections
of wide inter-listener variability, it is clear that our
evaluation of the discrimination results should be
done at the level of individual listeners, including our
analysis of stimulus order effects.
In [25], discrimination accuracy in an AX task was
more difficult when the stimuli proceeded from a
well-assimilated stimulus to a poorly assimilated
stimulus. In the current study, at the group level,
word-initial Korean aspirated stops assimilated better
to voiceless stops than tense stops did, suggesting that
discrimination accuracy should be poorer when an
aspirated stop is followed by a tense stop. The
opposite trend was found here in both the tenseaspirated and tense-lax contrasts (see Table 3). But
this result was found only in the naïve listeners, and
it does not consider whether the listeners who
exhibited the largest asymmetry in Table 3 are the
same listeners who assimilated both aspirated and
tense stops to the same Spanish category. Thus, there
are numerous individual listener comparisons that
should be done in order to form more specific testable
hypotheses for subsequent experiments.
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ABSTRACT
This paper examines the relationship between
perceived similarity between first language (L1) and
second language (L2) vowels and discrimination of
L2 vowel pairs in light of L2 speech models'
predictions on L2 vowel discrimination. The study
also explores the role of word status (real vs.
nonsense word) in L2 vowel discrimination. Fortyfour Spanish learners of English performed a
perceptual assimilation task and two L2 vowel
discrimination tasks. The discrimination tasks
presented the members of each pair in the two
possible orders (e.g., /i/-/ɪ/, /ɪ/-/i/), and stimuli were
embedded in real and nonsense words.
Results showed that discrimination accuracy was
not always explained by crosslinguistic mapping
relations as proposed by L2 speech models such as
the Perceptual Assimilation Model-L2. Further,
directional
asymmetries
emerged, mirroring
previous findings in infant and adult perception.
Finally, discrimination accuracy was greater in real
words than in non-sense words, underscoring the
influence of lexical categories in L2 perception.
Keywords:
L2
speech
perception,
discrimination, cross-linguistic similarity.

vowel

1. INTRODUCTION
Adult L2 learners' difficulty to perceive and produce
target language phones accurately is explained by a
number of learner factors and linguistic factors,
including the amount of L2 experience and the
influence of the L1 [6, 13]. Models of L2 speech
perception attempt to characterize the way in which
target phones are “assimilated” to (i.e., identified
with) L1 sound categories and their consequences
[1, 9]. According to the Native Language Magnet
(NLM) model [9], native and non-native phones are
perceived in terms of prototypical exemplars of L1
phones that act as perceptual magnets. These
magnets attract perceptually similar non-native
phones, affecting the formation of accurate L2
categories. According to the Perceptual Assimilation
Model-L2 (PAM-L2) [1], likelihood of accurate
discrimination of L2 phones is determined by the
degree to which pairs of target phones are
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assimilated to one or more L1 categories. Thus, two
target phones that are assimilated to the two
different L1 phones (two category assimilation) will
be more accurately discriminated than two target
phones that are assimilated to a single L1 category.
In the latter case, the two target phones may be
perceived as equally good or bad versions of the L1
category (single category assimilation) or one target
phone may be perceived as a better match for the L1
category than the other target phone (category
goodness assimilation). L2 discrimination is
predicted to be better with the latter than with the
former [1]. A number of studies have provided
evidence in support of these predictions, e.g., [18]
for vowel discrimination, among others.
Previous studies on vowel discrimination have
also reported the existence of directional perceptual
asymmetries: listeners appear to be better at
discriminating between two members of a vowel
contrast when the more peripheral vowel is
presented second (e.g., the sequence /e/-/i/) than
when the order is the reverse (/i/-/e/). According to
the Natural Referent Vowel (NRV) framework [14],
vowels that are more peripheral in the F1/F2 space
act as natural referents or perceptual anchors in the
development of vowel perception. This type of
perceptual asymmetries has been found in infant
perception of native (up to 12 months old) and nonnative phones, and in adult perception of non-native
contrasts [14]. Further, asymmetries disappear when
listeners can access auditory memory, i.e., when the
inter-stimulus interval (ISI) in the discrimination
task stimuli is 500 ms or shorter [e.g., 10]. See [14]
for a review of studies.
Finally, another factor that may affect L2 vowel
perception is the role of lexical categories. Some
studies have found that adult L2 learners are better at
discriminating challenging L2 phones in real words
than in nonwords, e.g., [11]. Similarly, Solé found
that auditory priming effects triggered by confusable
L2 words were more prevalent with nonwords than
with real words in a lexical decision task [16]. These
and other findings indicate that lexical
representations play a role in the perception of
segmental L2 contrasts [7, 19].
The current study had three main goals: a) to
examine the relationship between categorization of
target L2 phones and L2 discrimination accuracy; b)

to explore the prevalence directional perceptual
asymmetries in L2 vowel discrimination; and c) to
evaluate if L2 perception is affected by the lexical
status of the stimuli. To that effect, a group of
Spanish learners of English performed a perceptual
similarity task (Experiment 1) and two
discrimination tasks involving real words and
nonwords (Experiment 2). These tasks were
performed as part of a larger study and took place on
different days. The methodology and results of each
experiment are described in the next two sections.
2. EXPERIMENT 1. CROSS-LINGUISTIC
PERCEIVED SIMILARITY

identification as an L1 vowel) and the goodness
ratings (GR). The modal responses are highlighted
in bold. As can be observed, a few SSBE vowels
were perceived as very close to their Spanish
counterparts, such as English /æ, ɛ, iː/ to Spanish /a,
e, i/, respectively, followed by /eɪ, ʌ, aɪ/ to Spanish
/ei, a, ai/, with assimilation rates above 80% and GR
greater than 5. SSBE /ɑː, ɜː/ were mostly perceived
as Spanish /a, e/ with lower GR (77-73%, GR: 4.94.2), while /ɪ/ obtained the lowest assimilation rates
(65% as Spanish /e/, 34% as Spanish /i/). These
results mirror previous findings involving native
Spanish speakers [5].
Table 1: Percentage assimilation of SSBE vowels
to Spanish vowels and goodness of fit ratings.

2.1 Participants

The participants were 44 Spanish L2 English
speakers in their first year of an English Studies
degree at a Spanish university (mean age = 19.4).
Most had started learning English as children at
school, and few had spent time in an Englishspeaking country beyond short summer visits,
according to a language background and use
questionnaire. The L1 in the perceptual assimilation
task (PAT) was Spanish as all participants spoke
Spanish even if many were Spanish-Catalan
bilinguals. In fact, no differences were observed in
the results of the PAT related to the language
dominance indicated on the questionnaire, and the
PAT results replicated earlier findings, as discussed
below.
2.2 Perceptual assimilation task

In a perceptual assimilation task [8, 17, among
others], listeners are presented with non-native
stimuli and have to identify them in terms of native
categories and provide goodness of fit ratings. The
stimuli for this task consisted of nine Southern
Standard British English (SSBE) vowels (/iː ɪ ɛ ɜː æ
ʌ ɑː aɪ eɪ/) produced by three male native SSBE
speakers in bVt sequences. On each trial, listeners
responded by selecting one of eight options
representing the Spanish vowels /i e a o u/ and the
diphthongs /ai ei oi/,1 and provided a goodness of fit
rating on a 7-point Likert scale. The total number of
trials was 108 (9 vowels x 3 talkers x 2 tokens x 2
repetitions). The task was conducted using Praat [2].
2.3 Results

The percentage of times that each English vowel
was identified as a given Spanish vowel was
calculated, together with the corresponding average
goodness of fit rating. Table 1 presents a confusion
matrix showing the assimilation percentages (i.e.,
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Following [8], a composite fit index score (FI)
for each pair was calculated by multiplying the
identification score by the goodness rating in order
to take both measures into account. Fig. 1 displays
the FI for each modal L2-L1 assimilation, ordered
from highest (closest similarity between L2 and L1
phone) to lowest score: /æ/-/a/, /iː/-/i/, /eɪ/-/ei/, /ʌ//a/, /ɛ/-/e/, /aɪ/-/ai/, /ɜː/-/e/, /ɑː/-/a/, and /ɪ/-/e/.
Figure 1: Fit index scores obtained for each modal
response in the PAT.

2.4 Discussion
Given the high assimilation rates (FI of 5 or higher)
obtained for SSBE /æ/, /iː/, /eɪ/, /ʌ/, /ɛ/ and /aɪ/ to
Spanish /a/, /i/, /ei/, /a/ and /ai/, respectively, it may
be difficult for learners to detect differences between
the target and the L1 vowels. Thus these vowels are
likely to be perceived and produced in terms of the
L1 categories, at least initially [6]. The SSBE
vowels /ɜː/, /ɑː/, and /ɪ/ obtained FIs (as Spanish /e,
a, e/, respectively) of 4 or lower. Differences
between these vowels and native vowels may be
more readily detected by learners given enough
input and experience, and eventually they may be
categorized more authentically [6].
The results illustrate several cases where two or
more vowels were assimilated to a single L1 vowel.
In PAM-L2's terms [1], English /æ/ and /ʌ/
exemplify a single-category (SC) assimilation as the
two SSBE vowels were strongly assimilated to
Spanish /a/. This scenario predicts difficulty of
discrimination. SSBE /ɑː/ was also predominantly
assimilated to Spanish /a/ but with notably lower
scores than /æ/ or /ʌ/, resulting in PAM-L2’s
category goodness (CG) assimilation (/ɑː/ vs. /æ, ʌ/
with regards to Spanish /a/). Similarly, SSBE /ɛ/ is a
much closer match to Spanish /e/ than SSBE /ɪ/ and
/ɜː/ are, also constituting CG assimilations. PAM-L2
suggests
greater
likelihood
of
accurate
discrimination between two members of a CG
assimilation (e.g., /ɛ/ and /ɜː/ with respect to Spanish
/e/) than between two members of a SC assimilation
(e.g., /æ/ and /ʌ/ with respect to Spanish /a/).
Given these results four pairs of target language
vowels were selected to test the predictions: SSBE
/æ-ʌ/, /ɜː-e/, /ɜː-ɑː/ and /ɪ-iː/. Only four pairs were
selected as they allowed testing for different
scenarios and also for the sake of brevity as this
experiment formed part of a larger study including a
variety of other measures. Two of the pairs involved
two target vowels assimilated to the same L1
vowels, namely, a SC assimilation (/æ-ʌ/ to Spanish
/a/), and a CG assimilation (/ɜː-e/ to Spanish /e/).
Discrimination of the former is predicted to be
poorer than of the latter. The other two pairs
involved cases where each target vowel was
assimilated predominantly to a different L1 vowel
(TC assimilations): /ɪ/-/iː/ (assimilated to Spanish /e/
and /i/, respectively, but with different degrees of
assimilation), and /ɜː/-/ɑː/ to Spanish /e/ and /a/, both
with low FIs. Note that /ɪ/ was assimilated to Sp. /e/
65% of the time, that is, below 70%, which has been
proposed as the threshold for categorization [e.g.,
18]. This would make the /ɪ/-/iː/ pair an
uncategorized-categorized (UC) type of assimilation.
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Discrimination of both TC and UC cases is expected
to be good.
In terms of directionality, each pair allowed us to
test if listeners would perform differently depending
on the order in which the stimuli were presented: the
pairs /ʌ-æ/, /ɜː-e/, /ɜː-ɑː/ and /ɪ-iː/ illustrate
sequences from a less to a more peripheral vowel
position, while the sequences /æ-ʌ/, /e-ɜː/, /ɑː-ɜː/ and
/iː-ɪ/ imply going from a more to a less peripheral
vowel.
3. EXPERIMENT 2. DISCRIMINATION OF L2
VOWELS
3.1 Participants

The participants were same as in Experiment 1.
3.2. Discrimination task

The discrimination test was a categorical AX
same/different task involving the SSBE vowel pairs
/æ-ʌ/, /ɜː-e/, /ɜː-ɑː/ and /ɪ-iː/, which constituted the
different-category pairs, and the corresponding
same-category pairs. The stimuli were from a
previous study [3] and consisted of 32 real words
and 32 non-words elicited from two native speakers
of SSBE (1 female, 1 male). All word stimuli were
CVC words where both consonants were obstruents.
The inter-stimulus interval (ISI) was 1.15 s. For each
vowel pair, there were two talker combinations (T1T2, T2-T1) and two possible orders (e.g., /æ-ʌ/, /ʌæ/). The total number of trials was 96 (48 samecategory trials, 48 different-category trials). The
tasks were administered using Praat [2].
3.3 Discrimination results

Discrimination results were analyzed in terms of
percentage correct responses and are shown in two
separate figures: Fig. 2 shows the results per vowel
pair and type of word, Fig. 3 presents the results per
vowel pair and direction of the contrast. A GLMM
analysis was conducted on the accuracy scores with
word type (real vs. nonword), vowel pair (4 pairs)
and direction of contrast (more to less peripheral,
less to more peripheral) as fixed factors and
examining the potential interactions. The analysis
yielded a main effect of word type [F(1, 691) =
24.67, p < .001], vowel pair [F(3, 691) = 47.29, p <
.001] and direction of contrast [F(1, 691) = 66.72, p
< .001]. There was a significant vowel pair by
direction of contrast interaction [F(3, 691) = 6.15, p
< .001], but the interactions involving type of word
did not reach significance. Thus, discrimination was
significantly more accurate for real words than for
nonwords (74% vs. 67%), and a directionality from

less to more peripheral resulted in significantly
greater accuracy (77% vs. 64%). Pairwise
comparisons revealed that /e-ɜː/ and /ɑː-ɜː/ were
more accurately discriminated than /æ-ʌ/ and /iː-ɪ/,
and that directionality was significant for /æ-ʌ/, /iː-ɪ/
and /ɑː-ɜː/, but not for /e-ɜː/.
Figure 2: Discrimination accuracy per vowel
contrast and word type.

Figure 3: Discrimination accuracy per vowel
contrast and direction of contrast.

The overall significant effect of direction of
contrast illustrates a perceptual asymmetry in line
with previous findings involving infant and adult L2
perception and lends support to the NRV framework
[14]. An asymmetry was found with /æ-ʌ/, /iː-ɪ/ and
/ɑː-ɜː/, but not in the case of /e-ɜː/. Tyler et al. [18]
hypothesize that asymmetries may not be expected
with cases of TC, as this type of assimilation would
behave as a native phonological contrast. On the
other hand, cases of SC or CG assimilations, where
both target phones are perceived as belonging to the
same L1 category, would be amenable to
asymmetries as listeners have to rely on phonetic
information. Our results do not seem to go in this
direction as asymmetries were more evident with the
TC pairs (/iː-ɪ/ and /ɑː-ɜː/) than with the other pairs.
Regarding PAM-L2's predictions, the greater
accuracy scores obtained for the TC pair /ɑː-ɜː/ and
the CG pair /e-ɜː/ relative to the lower scores for the
SC /æ-ʌ/ go in the expected direction. The results for
/iː-ɪ/, however, do not conform to the predictions.
Being a TC (or a UC) assimilation, we would have
expected this pair to be better discriminated than the
SC or CG pairs. Difficulty perceiving this SSBE
contrast by Spanish learners of English has been
previoulsy reported [e.g., 4, 15]. Further, different
L2-L1 assimilation patterns have been reported for
English /iː-ɪ/ in previous studies involving L1
Spanish/Catalan bilinguals [4, 15]. It is possible that
other factors are at play regarding this contrast such
as the relative weighting of different acoustic cues
[12], or individual differences in the perceived
similarity between L1 and L2 vowels [18].
4. CONCLUSIONS

3.4 Discussion

The results of the discrimination tasks provide
evidence of the effects of type of word and direction
of contrast. There was no interaction involving type
of word, indicating that the target vowels were
always better discriminated when presented in real
words than when embedded in nonwords. These
results are in agreement with previous studies
suggesting that the perception of nonnative
phonemic contrasts is facilitated by lexical
knowledge and word familiarity [11, 19], and
underscoring the role of lexical representations in
the perception of segmental contrasts [7, 16].
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This study has reported the results of two
experiments exploring the effects of lexical
knowledge, direction of contrast and L1-L2
perceptual relations on the ability to discriminate L2
vowels. The results support the role of lexical
representations in L2 perception, as discrimination
in real words was more accurate than in nonwords.
Perceptual asymmetries emerged generally in
accordance with the predictions of the NRV
framework, and the results for three of the four pairs
seemed to support the PAM-L2 predictions.
Nevertheless, the study has some limitations as only
a subset of possible vowel contrasts was tested, and
no native SSBE speakers were tested as control data.
In addition, the relationship between L2 sound
categorization and discrimination at the level of the
individual needs to be examined, analyzing if
individual differences in L1-L2 assimilation patterns
are reflected in L2 discrimination. These issues will
be addressed in future research.
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Monophthongs and diphthongs were included in the
PAT following previous studies showing the role of
diphthongs in cross-linguistic perception [5].
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ABSTRACT
An experimental study of syllabification behaviours
of speakers of syllable-timed and stressed-timed
languages proves our hypothesis that differences in a
language’s rhythmical organisation comprise a
significant source of foreign accents in L2 speech.
The experimental material consisted of Russian
words with various types of rhythmical structures
and consonantal clusters as syllabified by Chinese
learners of Russian. The syllabification patterns of
Chinese learners were compared with the
syllabification patterns of the same word list
produced by native Russian speakers. The principal
differences in syllabification behaviour occur in V
and CV syllable types. The prevalence of CVsyllables was higher in the Chinese syllabification
inventory than in Russian speakers’ data, and vice
versa for V-type syllables. Other differences in
Chinese learners’ syllabification results included
variations in phoneme additions and deletions, as
well as modifications of a Russian word’s
rhythmical structure. We consider the latter
difference proof that the concept of ‘phonetic word’
(rhythmical structure) lacks in the Russian speech of
Chinese learners.
Keywords: syllable, rhythmical structure, phonetic
interference, Russian as foreign language, Chinese
as L1.
1. INTRODUCTION
Today it is more or less assumed that learners’
progress in foreign language acquisition is
influenced by their native language as well as by the
language being acquired. Publications on the crossimpact of L1 (the learner’s native language) and L2
(the language to be learned) have, of late, become
more numerous and more diversified in terms of the
various combinations of L1 and L2 languages and
types of linguistic units under investigation.
Research focused on phonetics are particularly
abundant (for a detailed review of the principal
theoretical models for L1 transfer/interference on the
L2 phonetic segmental level see Cheng, Zhang [6]).
The practical results of L1–L2 reciprocal influence
studies have proven valuable for many reasons, not
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least of all in language didactics, where interference
between the respective languages’ phonological and
phonetic organisation have long been considered a
principal source of foreign and dialectal accents. In
applied linguistics, speech recognition in particular,
there also is general agreement that accents cause
multiple problems in inter-cultural communication.
While consensus exists that the peculiarities of L1
play a major role in learners’ inability to produce
native-quality speech in L2, the contribution of
different linguistic sub-systems to this phenomenon
still remains unclear. Initially, investigation of
speech errors and pronunciation flaws focused on
the fine-grained segmental level of speech. At this
level the main cause of speaking difficulties in L2
was attributed to the absence (or difference in
phonetic/phonological realisation) of L2 phonemes
in the learner’s L1 inventory. More recently
researchers have shifted their focus to linguistic
domains above the segmental level, a considerable
part of modern phonetic/phonological research in the
field having moved to the syllabic level (for an
overview see Yang, Fox [24]). Significant
experimental evidence now supports the hypothesis
that a major cause of foreign accents in L2 speech
derives from peculiarities in the internal organisation
of syllables in various languages, consonantal
clusters above all [6, 1, 20, and 5]. Multiple studies
have shown that a speaker’s errors pronouncing
inter-vocalic consonants and consonantal clusters
supply valuable information about the types and
source of foreign accents in L2 speech [15, 9, and 3].
Moreover, it has been demonstrated [21] that
syllabic constituents in L1 influenced adult learners’
accuracy producing L2 consonantal clusters even in
the speech of high intermediate learners. Thus, the
production of consonantal clusters in L2 by speakers
of languages with similar or different rhythmic
organisation has come to be considered of particular
interest for the study of language interference.
While the syllabic organisation of different
languages has been of theoretical and practical
interest for a long time, the linguistic concept of the
syllable is still far from consistent. Long-term
research in articulatory phonology, as well as
multiple
inter-disciplinary
studies
by
psycholinguists, physiologists, phoneticians and

neuroscientists have provided abundant, albeit not
unequivocal or indisputable, evidence supporting the
syllable as a universal language unit for organizing
temporal patterns of speech production and
perception. L. Chistovich and V. Kozhevnikov laid
the foundation for this view in their seminal work
[17], where they elaborated the general concept of
the articulatory syllable. Later, in a series of
experimental investigations into the role of the
syllable in speech planning and execution, Y. Xu
demonstrated that the syllable is “a temporal
coordination mechanism whose main function is to
synchronize multiple articulatory movements so as
to make speaking possible” [23]. The syllable thus is
assumed to influence the organisation of other suprasegmental tiers of language. However, while the
syllable as the universal articulatory unit embodying
basic segmental and supra-segmental components of
speech production has been investigated in
numerous publications, the interrelation between the
syllable and other higher supra-segmental linguistic
levels such as the phonetic word is considerably less
studied. We hypothesize that better understanding of
the syllabification behaviour of speakers of various
languages could facilitate greater knowledge of
segmental and supra-segmental coordination and
thus inform an effective methodology to overcome
one of the major factors of L1–L2 interference.
Syllabification discrepancies as a source of accents
in L2 have been investigated principally using
speech data obtained from English as a Second
Language learners. A major share of the research in
this field concerns the English language as L2 in the
pronunciation practice of native speakers of German
[18], French [8], and Spanish [20]; valuable data
have also been presented in the literature for
Japanese [13], Korean [11], and Mandarin Chinese
ESL learners [19]. Considerably less experimental
data are available in the literature on contrastive
investigation of L1 influence on L2 in the field of
syllabic organisation and syllabification models for
other languages. A literature search revealed that
while research on segment errors in Russian as a
Second Language (RSL) is abundant (e.g., [7, 16,
22, and 10]), there is an absence of studies on the
transformation of Russian rhythmical and syllabic
patterns in speech produced by foreign learners.
Recently, new original research has begun to appear
in RSL on L1 segmental interference in the context
of syllabic or phonetic word structure [2, 14, and 4].
While the concept of the “syllable” is basic in
both Chinese and Russian educational practice, and
the two languages are generally considered to be in
opposition in terms of their rhythmic organisation
(as representative of syllable-timed vs stress-timed
groups of languages, respectively), we surmised that
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investigation of the syllabification behaviour of
speakers of the two languages would provide
valuable information for understanding core sources
of L1–L2 interference. The present study therefore
undertook experimental investigation of the
interplay of syllabic and word phonotactic
regulations of L1 in the L2 speech of Chinese
Russian language learners in order to discern core
factors responsible for multiple pronunciation errors
documented in the literature on RSL didactics.
In our experiment we tested three hypotheses: 1)
the syllabification behaviours of Chinese and
Russian subjects for the same word set would differ,
depending on syllabic organisation in L1; 2) Chinese
syllabic consonantal constraints would influence the
Chinese learners’ production of consonantal clusters
in their Russian speech; 3) rhythmical organisation
of the Chinese language as a syllable-timed language
contravenes the rhythmic patterns of the Russian
language (a stressed-timed language), noticeably
affecting speech accentedness.
2. MATERIAL AND METHOD
Principal investigative procedures for the current
study involved surveying the syllabification
behaviour of Chinese learners with Russian words
with and without consonantal clusters of varying
complexity and structure. Chinese syllabification
results were compared with the syllabification
practices of Russian native speakers for the same
word set. It bears mentioning that while
syllabification behaviour has been commonly
acknowledged as a valuable representation of
rhythmical language organisation, how speakers of
different languages actually divide words into
syllables is still unclear. As demonstrated in multiple
experiments, novice speakers of various languages
coincide in counting numbers of syllables in target
words, but differ when required to place syllabic
boundaries within a lexical item [8]. We note that
while the objective reality of the syllable as an
executive language unit is permanently under
discussion, recent brain studies provide evidence of
its validity [12].
2.1. Material

A randomized list of 100 Russian words (highfrequency lexical items) with and without
consonantal clusters was assigned as an oral
syllabification task. Test stimuli varied in the
number of syllables from 2 to 5. The composition of
potential consonantal clusters (i.e., Cyrillic
characters representing consonants) varied from 2 to
5 letters. The consonantal clusters repertoire was as
follows (IPA transcription of the N-gram standard

pronunciation within a word is provided in square
brackets and Cyrillic graphemes in italics): [bl] бл,
[br] бр, [bjj] бъ[й], [vl] вл, [vn] вн, [fʦ] вц, [gl] гл,
[gr] гр, [kʧ] гч, [dv] дв, [dl] дл, [dn] дн, [dr] др, [tʃ]
дш, [ʒn] жн, [zv] зв, [zd] зд, [ʒ:] зж, [zm] зм, [jʦ]
йц, [kl] кл, [kr] кр, [kt] кт, [lb] лб, [ljj] ль[й], [ljʦ]
льц, [ml] мл, [nk] нк, [njk] ньк, [pl] пл, [pr] пр, [pt]
пт, [rb] рб, [rn] рн, [rt] рт, [sv] св, [sk] ск, [sm]
см, [sn] сн, [ss] сс, [st] ст, [ʃjʃj]/[ʃjʧ] сч, [ʃʃ] сш,
[ʃjʃj] сщ, [tv] тв, [tn] тн, [tr] тр, [ʧʃj] тщ, [tjj]
ть[й], [ʦʦ] тьс, [fr] фр, [ʧk] чк, [ʧn] чн, [ʧr] чр,
[ʧt] чт, [ʧj] чь[й], [ʃn] шн, [ʃjn] щн; [ʦk] дск, [tsm]
дсм, [zn]/[zdn] здн, [zjnjj] знь[й], [ksp] ксп,
[nʦ]/[lnʦ] лнц, [lst] лст, [ndr] ндр, [rdv] рдв, [rsn]
рсн, [rst] рст, [skl] скл, [ssk] сск, [stv] ств, [stl]
стл, [st]/[stn] стн, [str] стр, [sjtjj] сть[й], [sʦv]
сцв, [trʃj] трщ; [fstv] вств, [rstv] рств, [rstk] рстк,
[ssk]/[stsk] стск; [drstv] дрств.

3. RESULTS
The total number of syllables in the pronunciation of
Chinese subjects (errors excluded, repetitions if any
included) was 4497 syllables; the total number of
syllables in the pronunciation of Russian subjects
(errors excluded, repetitions if any included) was
4198 syllables. The syllable type inventory was
similar for the Chinese and Russian subjects with
one exception: the VCCC syllable type occurs only
in the Chinese subjects’ syllabification data.
Syllables common to both groups of subjects were:
V, VC, VCC, CV, CCV, CCVC, CCCVC, CCVCC,
CCCV, CVC, CVCC, CVCCC. The frequency of
various types of syllables in the Chinese subjects’
dataset is presented in Fig. 1. The frequency of
various types of syllables in the Russian subjects’
dataset is presented in Fig. 2.
3. DISCUSSION

2.2. Experiment design

The experimental word list was presented to 15
Chinese subjects and 15 Russian subjects for
syllabification on a computer screen. All the Chinese
subjects had studied Russian as their bachelordegree major in China and had achieved at least B1
proficiency (intermediate-high according to the
Russian national testing system). We used Microsoft
PowerPoint to display on separate slides each item
from the experimental word set. Experimental
sessions comprised: a setup phase (a short training
phase to accustom subjects to pronouncing two- and
three-syllable Russian words syllabically) and a data
collection phase (approximately 1 hour). Participants
were allowed to view each slide as long as they
needed to correctly execute the syllabification task,
before advancing to the next slide. All subjects were
encouraged to repeat mispronounced syllabic stimuli
for correction as many times as they wished.
Segmentation of the data recorded in the silent
booth and its annotation were based on trained
experts’ auditory and acoustic analysis (spectrogram
with intensity and f0 trajectories). Acoustic analysis
of all speech data was performed using PRAAT
software. Recordings were also annotated in
PRAAT, each speech block corresponding to a
syllable, that is, delimited by pauses (we defined
pauses as either silent periods or by dramatic
significant intensity and pitch changes identified on
a spectrogram via visual inspection), further
segmented into vowel (V) and consonant (C)
segments. All segmentation procedures were carried
out manually using a pre-written transcription
protocol for recorded speech. We identified the
metrical phonotactic structure of each syllable in
terms of consonant and vowel constituents.
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ANOVA statistical analysis shows that the
frequency of choices for the most used types of
syllables differs for Russians and Chinese (F>Fcr for
the majority of syllable types). The most prominent
difference occurs in syllables CV and V. The
medium frequency of CV-type syllables was
significantly higher in the Chinese syllabification
inventory than in the Russian speakers’ data
(AVG=39,13; STD=2,36 for Chinese; AVG=33,92;
STD=1,18 for Russian subjects), and vice versa for
the V-type syllables (AVG=2,92; STD=1,09 for
Chinese; AVG=5,19; STD=1,03 for Russian
subjects). More detailed analysis of the segmental
composition of syllabified speech revealed that the
prevalence of open (CV) syllables in the Chinese
subjects’ syllabification data was realized through
abundant vowel insertions into the consonantal
clusters. A syllabified word with a consonantal
cluster was thus pronounced with an additional
syllable, e.g.: [ʃe-sət-va-vatj] – CV-CVC-CV-CVC
(cf. CVC-CCV-CVC/CV-CCCV-CVC by Russian
speakers for шествовать); [dje-rje-və-nja] – CVCV-CV-CV (cf. CV-CVC-CV/CV-CV-CCV by
Russian speakers for деревня), [prji-sə-ma] – CCVCV-CV (cf. CV-CCV/CCVC-CV by Russian
speakers for призма). Shwa/vowel insertion also
occurred in the syllabified pronunciation of Russian
native speakers, but far less frequently: 12.4% in the
Chinese data, 5% in Russian pronunciation. Another
valuable finding showed that shwa insertion may
occur in the syllabified pronunciation of all of the
Chinese subjects, while vowel-like segment
insertion in Russian subjects’ data seems to be an
individually preferred pronunciation strategy.

Figure 1: Syllable type frequencies (Chinese subjects).

Figure 2: Syllable type frequencies (Russian subjects).

The most important difference between the
Chinese and Russian subjects’ syllabification
behavior in relation to the insertion of vowel
segments is that vowel insertion in Russian
syllabified pronunciation never changed a word’s
rhythmical structure, while the total number of
syllables in a word was identical either with or
without shwa insertion, e.g.: [sje-rjebə-ro] and [sjerje-bro] (серебро), [pozəd-na] and [pozd-na]
(поздно). The only exception here was the word
цилиндр (cylinder), often syllabified by both
Russian and Chinese subjects as a word with three
syllables: CV-CVC-CəC (Russian), CV-CVCCCV/CV-CVC-CəC (Chinese).
Phonetic analysis of vowel insertions also attests
to different functions of inserted vowels in Russian
and Chinese syllabification. Russian subjects insert
shwas after syllable coda consonants, if the phoneme
is voiced, to mark the differential feature ‘voiced’:
CV-CVC[ə]-CV [sje-godə-nja] (сегодня), whereas
Chinese subjects’ vowel insertions occur mainly
within consonant clusters, or often after the final
consonant in a word if the consonant is palatalized.
The low number of V-syllables in Chinese
syllabification data could be considered a function of
a hiatus avoidance tendency active in the Chinese
syllable inventory. Chinese speakers obviously
avoid V-syllables in their Russian syllabifications,
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therefore they often either omit a vowel in hiatus:
[pa-gratj] CV-CCVC (cf. CV-VC-CVC/CV-VCCVC by Russians for поиграть) or add a new
vocalic segment to produce a diphthong: CV-CVVCCVC (cf. CV-CV-V-CCVC/CV-CV-VC-CCVC by
Russians for папуасский).
4. CONCLUSION
Data obtained from syllabification experiments with
Chinese learners of Russian as L2 demonstrate that
word and syllable phonotactic patterns of L1 play a
considerable role in the planning and realisation of
L2 speech both on the segmental level and on the
level of word structure. We have demonstrated that
L1 influences L2 speech not only on the segmental
level, but on the level of word structure as well. The
fundamental concept of rhythmical structure [25]
seems to be unfamiliar to Chinese learners, therefore
teachers of RSL should give special attention to the
realisation of Russian rhythmical structures. Russian
consonantal clusters are also of special difficulty for
Chinese speakers, because the Chinese language has
different phonotactic regulations. Our experiments
thus support all three of our initial hypotheses and
attest that structural discrepancies in the syllabic
systems of languages may be one of the most
fundamental causes of inter-language phonetic
interference.
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ABSTRACT
This paper presents an investigation of production data obtained
during a collaborative task between Spanish learners and a native
speaker of German. The task was designed to target specific words
and phrases in the beginning and at the end of the conversation.
Derived from contrastive analyses of Spanish and German we
analysed segmental and suprasegmental aspects. Main objectives
were: (1) to shed light on the question whether there is a decreasing
interference of Spanish phonology on L2 German productions
depending on learners' proficiency levels, and (2) whether
segmental and suprasegmental characteristics are affected by
phonetic accommodation to varying degrees. Statistical analysis
shows inconsistent accommodation effect. The perceptual
relevance was tested in an AXB similarity judgment task. Results
suggest that phonetic accommodation can occur crosslinguistically, and that it may be constrained by language
proficiency. In line with previous findings the results can best be
accounted for by an adaptation of a dynamic system approach.
Keywords: phonetic accommodation, collaborative task, SpanishGerman, segmentals, suprasegmentals
1. INTRODUCTION
Accommodation in speech has been of interest in studies of speaker
variability since the 1970s. Earlier works focussed on the
production and perception of variable converging (and diverging)
speech patterns in relation to interlocutors attitudes for instance to
discourse-contextual, situational or social factors [12], [5]. Whilst
such initial attempts examined the evaluation of speakers’
competence and social attributes associated with them by listeners,
more recent studies focus on specific acoustic-phonetic properties
of speech. Coupland [8] investigated the use of four regional
phonological variables (h-dropping, t-flapping, ng-dropping, and
simplification of final consonant clusters) in real conversation
between a travel agent and clients from Cardiff, England. Putman
& Street [27] assessed convergence of temporal characteristics in
interview settings (speaking rate, turn durations, and inter-turnintervals). Babel [1] found that New Zealand English speakers
adapted their vowel quality to those of Australian English speakers
in a word repetition task. Recent studies use such adaptation effects
to assess cognitive status and entrenchment of specific parameters.
Following this line of thought, adaptation effects have been used
to challenge linguistic theories assuming a system based purely on
discrete categories [7], [21], in particular because the adaptations
often affect sub-categorical aspects change depending on usagerelated factors and can hence be better explained on the basis of a
theory allowing flexibility in an emergent dynamic system [29],
[33]. Such an approach however, introduces not only theoretical
possibilities to model cognitive linguistic representation and
practical opportunities for instance through its utilization and
application in language learning and teaching [34]. It also
introduced new challenges by adding levels of variation, e.g.
between and within speakers, between and within the levels of
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linguistics (syntactic [4], morphological [9], and semantic [19], the
relationship between quantifiable acoustic properties and
perceptual relevance, [24], and social as well as conversational
factors [25], [17].
Two aspects of phonetic accommodation are of specific interest in
the study of second language acquisition (SLA):
1. Adaptation effects observed in adults with long before L2
acquisition onset established L1 systems suggest that the
linguistic system remains mouldable and flexible over the
life span. Short- and long-term effects have been observed in
several contexts, most relevant for the present paper,
bidirectional influences between an L1 and an L2 e.g. [6],
[30], [23], [36], [16]; [11].
2. Such ongoing mutability provides evidence against the
assumption of a critical or sensitive period of L2 acquisition
[18] and challenges accounts for age-related declines in the
attainment of an L2 [3]. It also calls out for consideration of
additional, not age-related linguistic and extra-linguistic
factors to account for variability and dynamics in phonetic
accommodation.
2. EXPERIMENTS
Production data were obtained in the beginning and at the end of a
collaborative task carried out by Spanish L1 learners of L2 German
with different proficiency levels and their native German
interlocutor (36 map pairs averaged 41 min (sd=15.93 min),
ranging from 28 to 81 min). The results of an acoustic analysis are
reported in the first part of this section. The second part present
findings of a subsequently carried out AXB similarity judgment
task in which a selection of directly comparable production data
was judged by native speakers of German. Three main objectives
were pursued in the two experiments:
1. to shed light on the question whether there is a decreasing
interference of Spanish phonology on L2 German
productions in the utterances produced by speakers of higher
proficiency levels
2. whether segmental and suprasegmental characteristics are
affected to different degrees
3. and whether such developmental differences are verifiably
both acoustically and auditorily.
2.1. Collaborative task for speech production
Fourteen native Spanish learners of L2 German and a native
German speaker were recorded via Sennheiser headsetheadphones directly onto a Macbook Pro computer at a sampling
rate of 44kHz during a collaborative map-task performed by a just
Spanish or by a mixed pair of interlocutors. The map task was
designed in a way that specific target words and phrases appeared
in the beginning and at the end of the collaborative tasks. Targets
were chosen to involve the following segmental and
suprasegmental characteristics, derived from contrastive analyses
of Spanish and German [20]; [15] and all considered to be the source
of pronunciation errors and foreign accentedness :

2.1.1. Participants
Twelve female participants (n=6 in each a high and low proficiency
group henceforth HP and LP) participated three times in a
collaborative map-task. They were all native speakers of Spanish
from the middle Castilian region with no known speech, language,
or hearing disorders. They were exchange students at the University
of Marburg aged between 21 and 28 (average 24). Participants were
allocated to the HP and LP group according to the results of the
placement test administered at the language centre of the University
of Marburg. Students with B2.2 level or higher were allocated to the
HP group those with B1.1 were allocated to the LP group. The
collaborative task was performed with a native speaker of standard
German, a 23 years old female student of Speech Science at the
University of Marburg. In order to guarantee consistency across the
participants we also recruited two additional native Spanish learners
of L2 German, one of them meeting the criteria of HP the other of
LP, referred to as HPc and LPc in the following.
2.1.2. Procedures
The collaborative task was a map-task (three versions per
participant) where one Spanish HP or LP acted as a tourist, the
interlocutors were G, LPc or HPc and they acted as guides. Tourist
and guide sat facing one another but separated by a paper wall in a
quite room on a table with a schematic map in front of them, which
was not visible to the opposite sitting interlocutor. The two maps
consisted of a landscape with about twenty labels. Participants knew
that most but not all labels were common to the two maps. The task
was for the tourist – with a map without a route – to draw one on the
basis of discussion with the guide, who’s map showed a route.
Additionally, the tourist had to gather certain information ‘on her
way’; such as “Which film is currently shown in the cinema?”
“What is on the menu of the restaurant?”. The two maps were
designed in a way that specific target words and phrases appeared in
the beginning and at the end of the collaborative tasks. The SpanishSpanish map-tasks were carried out twice, i.e. all participants
completed the task with HPc and LPc. Additionally, all Spanish
participants completed the task with the female German native
speaker (a speaker of the northern standard variety), i.e. We
recorded in total 36 conversations with a total duration of 21 hours.
2.1.3. Analyses
Measurements obtained in target words produced by the tourist
participants (HP1-6 and LP1-6) had to be uttered at least twice (in
the beginning and at the end of the collaborative task).
Measurements obtained in target words produced by the guides (i.e.
controls HPc, LPc, G) were averaged across all map tasks and were
only used as reference in the figures but not entered in the statistical
analysis.
Neutralisation of final voicing contrast in plosives:
The results (based on a total of 213 tokes for /t/ and 197 for /d/)
presented here concern the contrast observed in /t/ vs. /d/ in final
syllable position. Words that were found in most utterances are: Tat,
Beet, Boot, Not, Rat, Hut, Brot, Kleid, Tod, Lied, Ried, Rad, Sud (act,
flower bed, boat, distress, advice, ride, hat, bread, dress, death,
song, reed, wheel, brew). In order to exclude the influence of the
lacking distinction in vowel quality between Spanish and German
we excluded targets with short lax vowels preceding the final
consonant since they are not part of the Castilian Spanish five-vowel
system. Measurements of four intervals were obtained in adaptation
of Smith (2007): 1 = vowel duration; 2 = consonant closure duration;
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3 = glottal pulsing during consonant closure; 4 = consonant release
burst duration (including any ‘‘aspiration’’). Duration was
normalised in relation to the VC portion of target words to control
for within- and between-speaker differences in speech rate.
However, burst release duration did not appear to be a meaningful
factor but voicing contribution as quantifiable in f0 following the
burst release was, as see in the realisation of Lied on the right hand
side in figure 1.
Figure 1: Illustration of three observed realisations of Lied
as [li:də] (left), [li:th ] (center), and [li:t] (right)
0.2686
0
-0.2964
0
Frequency (Hz)

neutralisation of final voicing contrast in plosives
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Statistical analysis was carried out using linear mixed modelling in
the R statistical package for the statistical analysis of the data [2];
[28]. We compared a series of models adding independent variables
to examine if they improved the fit of the model to the data [2].
Vowel duration and release burst duration were not found to differ
significantly in target words recorded at the beginning (henceforth
RecT1) and at the end (henceforth RecT2) of the collaborative task.
Figure 2: normalised closure time duration for /t/ and /d/ in the
beginning (/t/i and (/d/i) and the end (/t/f and (/d/f) of the
collaborative tasks
0.6
closure duration (normalised)
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Table 1: Summary of optimal mixed-effects model for CCD
Fixed Factor

Estimate

Std.
t value
Error
(Intercept)
7.75
2.078
4.79
PL
0.18
0.006
-2.08*
IL(LPc/G)
0.15
0.001
-1.17
IL(LPc/HPc)
0.12
0.015
1.10
RT
0.21
0.005
2.10*
Con
0.12
0.002
-2.54*
PL:IL(LPc/G)
0.08
0.003
2.31*
PL:IL(LPc/HPc)
0.10
0.002
3.12*
PL:RT
0.03
0.001
2.22
PL:Con
0.21
0.001
1.20
IL(LPc/G):RT
0.05
0.002
1.97
IL(LPc/HPc):RT
0.00
0.003
1.18
IL(LPc/G):Con
0.07
0.002
2.77*
IL(LPc/HPc):Con
0.01
0.007
2.21*
RT:Con
0.13
0.002
2.18*
PL:IL(LPc/G):RT
0.11
0.009
2.03*
PL:IL(LPc/HPc):RT
0.02
0.019
1.99*
PL:IL(LPc/G):Con
0.01
0.006
-3.93*
PL:IL(LPc/HPc):Con
0.07
0.014
4.45*
IL(LPc/G):RT:Con
0.08
0.010
2.11*
IL(LPc/HPc):RT:Con
0.07
0.019
2.99*
PL:IL(LPc/G):RT:Con
0.01
0.002
2.03*
PL:IL(LPc/HPc):RT:Con
0.03
0.019
2.39*
Results of a mixed linear effects analysis of the cononant closure duration data
obtained in the experiment.The default levels of the variables are as follows:
Profilevel PL (PL)=LP (vs. HP), Consonant (con) =/t/ (vs. /d/), Interloc (IL) = LPc
(vs. HPc, vs.G), RecTime (RT)=RecT1 (vs. RecT2). * Denotes p < 0.05.

Differences were found in the consonant closure duration (CCD),
as illustrated in figure 2. The model with the best fit included
Proficiency Level (HP:LP), Interlocutor (HPc:LPc:G), Recording
Time (RecT1:RecT2) and Consonant (/t/:/d/) as fixed effects and a
random intercept for Subject and by-subject random slopes for
Proficiency Level, Interlocutor and Recording Time. The
dependent variable was consonant closure duration. Proficiency
Level, Interlocutor and Recording Time were dummy coded with
LP, LPc and RecT1 as default levels of these variables,
respectively, and Consonant was coded as an ordinal variable
(/t/=1, /d/=2). The statistical analyses revealed significant
interactions (see table 1): /t/ was produced with a relative stable
CCD in all conditions. Note, G produced both /t/ and /d/ with a
comparable CCD. The realisation of /d/ varied depending on
Proficiency level and RecT. Only HP subjects produced a longer
CCD in the end of the collaborative task and only in conversations
with HPc and G. Variance of the dependent variable glottal pulsing
duration (GPD) was best explained by a model including
Proficiency Level, Interlocutor and Consonant. These factors
interacted significantly (see table 2); HP showed shorter GPD in
conversations with G and generally GPD was significantly longer
in realisations of /d/ across all subjects regardless recording time,
as illustrated in figure 3.
Table 2: Summary of optimal mixed-effects model for GPD
Fixed Factor
Estimate
Std. Error
t value
(Intercept)
5.58
0.729
3.91
PL
0.082
0.007
2.11*
IL(LPc/G)
0.051
0.002
2.00*
IL(LPc/HPc)
0.024
0.001
2.01*
Con
0.074
0.013
2.05*
PL:IL(LPc/G)
0.008
0.000
-2.07*
PL:IL(LPc/HPc)
0.014
0.003
1.09
PL:Con
0.031
0.003
-2.32*
IL(LPc/G):Con
0.008
0.002
2.33*
IL(LPc/HPc):Con
0.018
0.004
-2.21*
PL:IL(LPc/G):Con
0.023
0.002
1.02
PL:IL(LPc/HPc):Con
0.067
0.001
-2.01*
IL(LPc/G):RT:Con
0.032
0.002
1.96
Results of a mixed linear effects analysis of the cononant closure
duration data obtained in the experiment.The default levels of the variables
are as follows: Profilevel PL (PL) = LP (vs. HP), Consonant (con) = /t/ (vs. /d/),
Interloc (IL) = LPc (vs. HPc, vs.G) *Denotes p < 0.05.

depend on the interlocutor, as illustrated in figure 4. In task
completion with G, HP realised fewer target words with PRV. The
interaction between Proficiency Level and Interlocutor was
significant, note that the model did not include Consonant since no
PRV is expected in /t/, see table 3. Recording Time was excluded
from the model to explain variance in PRV since it did not improve
its fit.
Table 3: Summary of optimal mixed-effects model for PRV
Fixed Factor
Estimate
Std. Error
t value
(Intercept)
97.5
14.3
12.66
PL
28.6
12.2
4.71*
IL(LPc/G)
13.9
6.7
3.21*
IL(LPc/HPc)
19.1
3.8
2.82*
PL:IL(LPc/G)
23 .3
5.8
-3.22*
PL:IL(LPc/HPc)
17.3
3.6
4.24*
Results of a mixed linear effects analysis of the cononant closure
duration data obtained in the experiment.The default levels of the variables are as
follows: Profilevel PL (PL) = LP (vs. HP), Interloc (IL) = LPc (vs. HPc, vs.G)
*Denotes p < 0.05.

Initial /h/: In German initial /h/ is produced as voiceless glottal
fricative. In Spanish, /h/ is not part of the phonemic inventory [15].
Initial /h/ was produced as uvular fricative /X/, as glottal fricative
/h/ or dropped Ø. The descriptive statistical analysis was based on
the phonetic transcription of relatively few target words (HP
RecT1: n=69, average=12; HP RecT2: n=43, average=7; LP
RecT1: n=34, average=5; LP RecT2: n=37, average=5) carried out
by five trained phoneticians, all students in Phonetics and Speech
Science. Only in the data obtained from HP-G map-tasks we found
increasing /h/ realisations in initial position. Noteworthy though is
the observation that most of realised initial /h/ had a comparably
bigger noise component in the signal as found in native realisations
of initial /h/ and were hence transcribed as uvular fricative [X] as
illustrated in figure 5.
Figure 5: realisation of Haus (house) as [Xaʊs] (left) and
[haʊs] (right)

Figure 3: normalised glottal pulsing duration for /t/ and /d/ in
the beginning (i) and the end (f) of the collaborative tasks
glottal pulsing during
closure (normalised)
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Figure 4: percentage of post release voicing in /d/ at the
beginning (/d/i) and at the (/d/f) of the collaborative task
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Figure 6: pitch range on nuclear accents in semitones at the
beginning (i) and at the end (f) of the collaborative task
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Pitch range on nuclear accents: Spanish rhythm has been assumed
to be more syllable-timed as oppose to German rhythm, which is
considered to be more stress-timed. This has led Grab-Kempf [14]
and Hirschfeld [15] to conclude that articulatory strength and pitch
range variation may be reduced in Spanish speakers of L2 German
compared to native speakers of German.
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Similarly, post release voicing (PRV) occurred significantly more
often in LP compared to HP and HP realisations were found to
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To our knowledge there is no experimental contrastive analysis for
German and Spanish pitch range, however, cross-linguistic analyses
of Spanish vs. English and English vs. German have confirmed the
above mentioned intuitive assumption that Spanish speakers
produce a smaller pitch displacement on accented syllable compared
the English speakers [10] and Germans have been shown to produce
an even smaller pitch range compared to native speakers of English
[22]. In the current production data f0 was measured in monosyllabic
and bisyllabic nuclear accents at the end of declarative utterances.
Duration was normalised across target words and the f0 interval was
converted into semitones. Results are illustrated in figure 6. The
statistical analysis was based on 714 pitch range values (HP RecT1:
n=262, average=44; HP RecT2: n=178, average=30; LP RecT1:
n=135, average=23; LP RecT2: n=139, average=23). Initially, we
added syllable number as a factor (mono- vs. bisyllabic) which did
not improve the fit of the model. We therefore pooled data points
and excluded syllable number as fixed factor from the model.
Variance of the dependent variable pitch range was best explained
by a model including Interlocutor (HPc:LPc:G) and Recording Time
(RecT1:RecT2). These factors interacted significantly; see table 4.
Both HP and LP showed larger pitch ranges in conversations with G
at RecT2 indicating accommodation. Note that in collaborative tasks
with LPc both LP and HP participants produced nuclear accents on
declaratives with a relative small pitch range, which may also be the
result of convergence towards the interlocutor.

the depending variable AXB accuracy included Proficiency Level,
Interlocutor, Recording Time and Acoustic-Phonetic-Parameter
(neutralisation of voicing in /t/-/d/; /h/ realisation; pitch range) as
fixed effects and a random intercept for Subject and by-subject
random slopes for Proficiency Level, Interlocutor, RecTime, and
Acoustic-Phonetic Parameter. Stepwise removal of Interlocutor,
RecTime, and Acoustic-Phonetic Parameter improved the model’s
fit measured by the difference in deviance ΔD. The statistic results
are hence based on a model with Proficiency Level as fixed effect
and a random intercept for Subject and by-subject random slopes
for Proficiency Level, see table 5.
Table 5: Summary of optimal mixed-effects model for AXB
accuracy
Fixed Factor
Estimate
Std. Error
t value
(Intercept)
12.71
3.27
8.12
PL
0.08
0.021
2.02*
Results of a mixed linear effects analysis of AXB Accuracy obtained in the
experiment. The default levels of the variables are as follows: Profilevel PL (PL) =
LP (vs. HP), *Denotes p < 0.05.

HP target words were more accurately evaluated by the German
listeners, LP targets judgments yield chance level performance as
illustrated in table 6.
Table 6: AXB accuracy in % for final plosive neutralisation
targets (N), /h/-realisation (/h/); pitch range (PR) pooled for
HP and LP.

Table 4: Summary of optimal mixed-effects model for PR
Fixed Factor
Estimate
Std. Error
t value
(Intercept)
53.8
21.9
5.11
IL(LPc/G)
2.4
0.8
-2.09*
IL(LPc/HPc)
1.9
2.65
2.66*
RT
2.1
1.11
1.89
IL(LPc/G):RT
3.0
1.31
2.34*
IL(LPc/HPc):RT
3.6
0.56
2.71*
Results of a mixed linear effects analysis of pitch range data obtained in the
experiment.The default levels of the variables are as follows: Interloc (IL) = LPc
(vs. HPc, vs.G) , RecTime (RT) = RecT1 (vs. RecT2) *Denotes p < 0.05.

N

/h/

PR

HP_G

0.67

0.75

0.683

LP_G

0.56

0.54

0.565

3. DISCUSSION

2.2. AXB Similarity Task
Recent studies have shown that different acoustic-phonetic
measures exhibited distinct, talker and item-dependent pattern of
variation and accommodation [26]. The results of the acoustic
analysis above confirm this concern. A perceptual similarity task as
first adapted by Goldinger [13] provides a holistic measure of
phonetic accommodation effects. Hence, a psychophysical AXB
perceptual similarity paradigm was administered to native German
listeners.
2.2.1. Stimuli & Procedure
Target words produced by the L2 speakers acting as tourist in the
collaborative map-task were used as flanking stimuli (A and B)
along with the G guides target words (X). 53 native listeners of
German had to determine whether an early or a late target word
produced by a tourist was more similar to the guide’s production of
the same word. All listeners (aged between 22 and 58, average 36)
were monolinguals with no dialect background. They reported
normal hearing and speech. Some of them received course credit
for compensation. If phonetic accommodation had occurred, target
words produced at the end of the collaborative task should sound
more similar to the X-item than those produced in the beginning of
the task. AXB perceptual similarity tests were presented to listeners
in a quiet room over Sennheiser Pro headphones via Macintosh
computers.
2.2.2. Analysis and Results
Regression analysis was carried out comparing a series of models
adding independent variables to examine their contribution to the
fit of the model. The model we fitted initially to explain variance in
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The two experiments confirm general findings on short-term
phonetic accommodation in conversational tasks. Adult learners of a
second language are hence able to converge towards the speech of an
interlocutor. The data also show that these effects depend on the
proficiency level of the L2 learner, with more advanced learners
showing stronger effects of phonetic accommodation. However,
segmental and suprasegmental acoustic-phonetic parameters’
convergence appears to vary in that beginners do not show any
accommodation effects on the segmental level but in adaptation of
pitch range. These findings contradict the findings in [35] where
prosodic characteristics (continuation rise in American English L2
speakers of German) appeared to be mastered at relatively advanced
stages of L2 acquisition whereas deviant L2 segments (/r/ as [ʀ] in
German and [ɹ] in American English) were produced already in
groups of beginners. Whilst the then analysed continuation rise is
associated with a function related to information structure of an
utterance, nuclear accents may be a parameter associated more
locally with grammatical units. Additionally it may be the case that
such prosodic characteristics that do not involve unknown
articulatory patterns can be acquired earlier. Contrary to Pardo et al.
[26], variability between individual acoustic-phonetic segmental
parameters was considerably small in the current data, which may be
due to the fact that data on the different parameters were gathered
within the same experimental task.
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ABSTRACT
Lombard speech, speech produced in noise, is
typically produced with a higher fundamental
frequency (F0, pitch) compared to speech in quiet.
This paper examined the potential differences in
native and non-native Lombard speech by analyzing
median pitch in sentences with early- or late-focus
produced in quiet and noise. We found an increase in
pitch in late-focus sentences in noise for Dutch
speakers in both English and Dutch, and for
American-English speakers in English. These results
show that non-native speakers produce Lombard
speech, despite their higher cognitive load. For the
early-focus sentences, we found a difference between
the Dutch and the American-English speakers.
Whereas the Dutch showed an increased F0 in noise
in English and Dutch, the American-English speakers
did not in English. Together, these results suggest that
some acoustic characteristics of Lombard speech,
such as pitch, may be language-specific, potentially
resulting in the native language influencing the nonnative Lombard speech.
Keywords: Lombard speech, native speech, nonnative speech, pitch, English
1. INTRODUCTION
Many studies have documented the characteristics of
speech produced in noise, Lombard speech, using
native speakers. From this research, we know that
Lombard speech has specific acoustic characteristics
that differentiates it from speech produced in quiet.
Among other features, Lombard speech is
characterized by having a higher fundamental
frequency (F0, pitch), a higher amplitude, and a shift
in energy to higher frequencies [e.g., 5, 13, 17, 23].
Research done to date has extensively studied native
Lombard speech, primarily in English [e.g., 17, 23],
but also in other languages including Spanish [e.g., 5]
and French [e.g., 11]. However, very little research
has been done with non-natives’ production of
Lombard speech and the resulting acoustic
characteristics. This study contributes to our
knowledge of Lombard speech by comparing
Lombard speech produced by natives and nonnatives.
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There are compelling reasons to assume that there
may be differences between native and non-native
Lombard speech. First, the native language is known
to influence the non-native language in many
domains. This can be observed, for instance, in
difficulties in perception and production of nonnative phonemes [e.g., 2, 8, 10]. We therefore may
observe that how non-native speakers adapt to a noisy
environment reflects how they do so in their native
language.
Second, we must consider the higher cognitive
load that non-natives experience when speaking in
their non-native language [e.g., 15, 21]. Due to this
higher cognitive load, non-natives may be less
effective in adapting their speech in noise.
This study focused on differences in pitch between
speech produced in quiet and in noise, as one
fundamental characteristic of Lombard speech is
higher pitch. Moreover, we know that different
languages have both different pitch ranges as well as
mean pitches. For Dutch women, a mean pitch of 191
Hz was found by Van Bezooijen (cited in [24]). This
mean pitch is higher for American-English (AmE)
women of a similar age at 224 Hz [22]. Research on
bilinguals further illustrates mean pitch differences
among languages. For instance, Voigt, Jurafsky, and
Sumner [25] examined German-French and GermanItalian bilinguals, finding that individuals had
different mean pitches in their two languages. Finally,
several studies [e.g., 20] have shown that pitch
patterns in the native language influence its
production in the non-native language. Collectively,
this research illustrates that pitch is a promising
feature of Lombard speech that may differ between
native and non-native speakers.
We focused on median pitch, examining AmE and
Dutch speakers in their native languages as well as
Dutch speakers in their non-native English. Dutch
speakers tend to show an influence of an AmE accent
when speaking in English, so we chose native AmE
speakers as a comparison. As there is no research to
our knowledge on native Dutch Lombard speech, we
do not know whether there are differences in native
AmE and native Dutch in pitch in Lombard speech.
English and Dutch differ in their median pitch. For
instance, the variant British English (RP) has a wider
pitch range than Dutch, with lower lows and higher
highs [e.g., 12]. Importantly, RP and Dutch speakers
have similar pitch accents at the sentence level in their

native languages [e.g., 12]. As a consequence,
comparing median pitch is informative.
For our study, participants read sentences in quiet
and in noise, which elicited native and non-native
plain and Lombard speech. We manipulated the
location of focus in the sentence to have early- or latefocus, expecting a median pitch difference in the two
sentence types due to post-focus compression [e.g.,
26]. Post-focus compression narrows and lowers the
pitch range for material after the focused word.
2. METHODS
2.1. Participants

Thirty native Dutch females from Radboud
University, Nijmegen, the Netherlands (RU), and
nine native AmE females studying abroad at RU, with
an average age of 21.33 and 22.11 years, respectively,
participated in the study. The Dutch participants had
native Dutch speaking parents, and had completed or
were completing their studies in Dutch. On average,
they had an English level of B2 in the Common
European Framework [7], as indicated by their
LexTALE [16] scores (mean=69.39, standard
deviation=15.76). All participants reported no
hearing or vision problems, as well as no dyslexia or
stuttering. The participants were given course credit
or gift vouchers in exchange for their participation.
2.2. Speech Materials

As we wanted to examine the effect of noise on
sentence median pitch and expected that median pitch
is modulated by the position of focus in the sentence,
we had four conditions: quiet early-focus, quiet latefocus, noise early-focus, and noise late-focus. We
manipulated the location of focus in the sentence
using contrastive question-answer pairs. An example
of early- (1) and late-focus (2) question-answer pairs
are presented below:
1. Did the friends go to the parade in
Barcelona? No, the family went to the parade
in Barcelona.
2. Did the family go to the beach in Barcelona?
No, they went to the parade in Barcelona.
There were 144 English and 96 similarly structured
Dutch sentence pairs, half with early- and half with
late-focus. These pairs were randomized within
condition per language three times to create three
separate master lists. The three lists were then
mirrored so the pairs in the quiet condition appeared
in the noise condition and vice versa, with the order
of the stimuli remaining the same within condition.
This resulted in six lists. The two quiet conditions
always preceded the noise conditions and the order of

2606

the early- and late-focus conditions were
counterbalanced. Every participant read one list.
2.3. Procedure

Participants recorded the 144 English questionanswer pairs at their own pace while wearing
Sennheiser HD 215 MKII DJ headphones in a sound
attenuated room. During the quiet condition, nothing
was played via the headphones, while in the noise
condition, Speech-Shaped Noise at 83 dB SPL (77
dBA, as calibrated using the Brüel & Kjær Type 4153
artificial ear [4]) was played through them using an
ASUS X52J laptop. The recordings were made with
a Sennheiser ME 64 or 65 microphone placed 15cm
away from the participants’ mouth. The microphone
fed into a preamplifier and a Roland R-05
WAVE/MP3 Recorder, resulting in 44.1 kHz
sampling rate with 16-bit resolution wav file.
After the English recording session, the Dutch
participants completed the English LexTALE task
[16] which gauges English proficiency, and a
demographics and language questionnaire. Within
one week, the Dutch participants returned for a
second session to read the 96 Dutch question-answer
pairs. The first session took one hour and the second
session forty-five minutes.
2.4. Pre-processing of the data

The audio was segmented at the sentence level. We
extracted F0 values only from the answers, using
Praat [3]. The Praat script returned F0 values at 10
millisecond intervals. This value was -1 and excluded
from analysis if the segment was unvoiced. The pitch
range was set at 75-500 Hz for all speakers.
Cleaning of the data was necessary due to pitch
tracking errors, doubling and halving, and the
presence of creaky voice. Doubling and halving pitch
tracking errors are erroneously reported sudden
jumps in the pitch by a factor of two. Prototypical
creaky voice is problematic because of its irregular F0
values [e.g., 14]. By choosing 75 Hz as the minimum
pitch range, speakers’ creaky voice was commonly
labelled between 75 and 110 Hz. We deleted
doubling, halving, and creaky voice by detecting
pitch jumps above or below a factor of 1.5. This
meant that sudden changes in pitch as well as creaky
voice were eliminated and not used to calculate the
median F0 of the answer.
From these cleaned data, we calculated the
minimum and median F0 value for each answer
sentence. Answers with a minimum value below 110
Hz were excluded from analyses as this was an
indication that creaky voice was still present. This left
us with 91.75% of the original dataset (7,794 of 8,495
median F0 values which were roughly equally

distributed over quiet and noise and early- and latefocus).
2.5 Analyses

In order to analyze the median pitch of our data using
linear mixed effects models (lmers), with participant
and sentence as crossed random effects, we used the
lme4 package [1] in R [19]. First, we analyzed native
versus non-native English using the native AmE and
non-native English data. We then compared native
and non-native speech within speaker, using the
native Dutch and non-native English data.
Prior to conducting the lmers on median pitch, we
removed outliers, as defined as values 2.5 standard
deviations above or below the grand mean. Our fixed
effects were nativeness (native, non-native), focus
(early, late), and noise (quiet, noise), and the control
predictor trial number. We used anovas on nested
models, or AIC scores when not nested, to determine
if inclusion of the effects and their interactions
significantly improved the model. We tested random
slopes of the fixed effects (by-subject and/or bysentence) using the same method. For the final model,
we removed data points with standardized residuals
above 2.5 standard deviation units from the last model
and refitted it.

data showed an effect of noise (βnoise = 13.25;
t = 7.51).
Figure 1: Boxplot of the median pitch values of
native American-English in early- and late-focus in
quiet and noise. The white dots represent the means.

Figure 2: Boxplot of the median pitch values of
non-native English in early- and late-focus in quiet
and noise. The white dots represent the means.

2.6 Results

2.5.1 Native versus Non-Native English
As is reflected in Figures 1 and 2, the final model
using data from the native AmE and the non-native
English revealed a three-way interaction between
noise, nativeness, and focus. We split the data by
focus to better interpret it.
The late-focus model established a significant
simple effect of noise (βnoise = 13.53; t = 7.36), with
no significant effect of nativeness (p > 0.05) or
interaction of nativeness and noise (p > 0.05). This
indicated that the native AmE and the non-native
English behaved in the same way, both groups
increasing their median pitch when speaking in noise
as compared to quiet. The effect of noise differed per
participant and per sentence, as indicated by the
random slopes.
The early-focus model revealed a significant
simple effect of noise (βnoise = 13.23; t = 5.65), which
was modulated by nativeness (βnoise x native = -10.00;
t = -2.05), and by a random slope of noise by
participant. The non-native English were more
affected by noise than the native AmE, the former
having a larger increase in pitch going from quiet to
noise. When the data was further split to examine the
native AmE data, there was no effect of noise (βnoise =
3.09; t = 0.45). In contrast, the non-native English
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2.5.2 Native Dutch versus Non-Native English
Figure 3: Boxplots of the median pitch values of
native Dutch in early- and late-focus in quiet and
noise. The white dots represent the means.

Figures 2 and 3 illustrate the findings from the final
model using data from the native Dutch and the nonnative English, revealing significant simple effects of
noise (βnoise =10.42; t = 5.45), nativeness (βnative =
-1.94; t = -3.80), focus (βlate-focus = 11.15; t = 9.77), and
trial number (β = 0.040; t = 4.46 ), with no
interactions. The effect of noise and focus differed per
participant as indicated by the random slopes. Our

model indicates that the median pitch increased going
from quiet to noise, as well as going from early-focus
to late-focus, and also that there was a small decrease
in median pitch when going from non-native English
to native Dutch. Additionally, over the course of the
experiment itself, pitch increased with trial number.

The same pattern thus held for the Dutch
participants in native Dutch as in non-native English;
an effect of noise, an effect of focus (in addition a
slight effect of language). Meanwhile, there is a
difference between native and non-native English.
Combined, these data suggest an influence of the
native language in the non-native speech, both in
quiet and in noise, and consequently that there are
language differences in Lombard speech.
If there are language differences in Lombard
speech, we wonder how much Lombard speech
differs per language, and how much of a reflex
Lombard speech truly is. Further research is needed
to determine whether other characteristics of
Lombard speech also show the influence of the native
language on non-native speech. The authors plan to
analyze other acoustic measures, including pitch
range and intensity to further examine the role of the
native language.
Potential language specific characteristics of
Lombard speech may account for recent findings on
how non-native listeners perceive native Lombard
speech. Native listeners understand speech presented
in noise better when it was also produced in noise
(Lombard speech) than when it was produced in quiet
[e.g., 9, 17, 18, 23]. This Lombard benefit is smaller
for non-native listeners [e.g., 6]. Possibly this is the
case because non-native listeners do not benefit as
much from Lombard characteristics that differ subtly
in their native languages. Testing the perception of
non-native Lombard speech using this dataset will
further yield insight into non-native Lombard speech.
In conclusion, by examining pitch in native and
non-native speech produced in quiet and in noise, we
gain insight into potential language differences in
Lombard speech. Despite experiencing a higher
cognitive load, non-natives successfully produce
Lombard speech in terms of increasing their pitch.
Importantly, we saw a difference from native AmE
speakers, indicating the influence of the native
language on the non-native Lombard speech.

3. DISCUSSION
In our study, we compared how native Dutch speakers
modulate their median pitch in Lombard speech in
native Dutch and in non-native English and how
native AmE speakers do so in English. We examined
potential pitch differences in native and non-native
Lombard speech due to non-native speakers’ higher
cognitive load and/or possible influences of the native
language.
The comparison of the native and non-native
English data showed a difference between early- and
late-focus sentences. The late-focus data showed an
effect of noise and no effect of nativeness, indicating
that the native AmE and the non-native English
speakers had a higher median pitch to the same extent
in noise, an indication of Lombard speech. This
showed that despite non-natives experiencing a
higher cognitive load when speaking, they adapted to
background noise to the same extent as native
speakers. This is in line with previous research that
considered Lombard speech production to be
automatic, “Lombard reflex” [e.g., 23].
While the native and non-native English speakers
thus showed the same pattern in late-focus, they
differed in early-focus sentences. In early-focus
sentences, we saw that the non-native English showed
a larger increase in pitch in noise than the native
AmE. It seems that there may be a larger effect of
post-focus compression in native than in non-native
English.
Because of this difference between native and
non-native English, we examined native Dutch data
to help determine the potential influence of the native
Dutch on the non-native English Lombard speech.
From this comparison, we saw that the native Dutch’s
median pitch was slightly higher when speaking in
non-native English than in Dutch, which is in line
with research showing that native AmE pitch is
higher [e.g., 22] than native Dutch pitch [e.g. 24].
More importantly, we saw that the Dutch speakers
had the same pattern of change going from speech in
quite to noise in their native and non-native
languages. In both languages, they showed an effect
of noise, leading to an increase in median pitch, a
characteristic of Lombard speech. They also showed
an effect of focus, in which late-focus sentences had
a higher median pitch than early-focus sentences, as
likely explained by post-focus compression [e.g., 26].
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ABSTRACT

that first- and second-language speakers produce are
influenced by the speech they hear [9, 14]. An exact
match between a pair of similar phonetic categories
of an L1 and L2 is surely rare [5]. Some of the
L1 phonetic categories of bilinguals, however, are
likely to overlap with those in their L2. Researchers
have investigated adaptation in various phonetic dimensions such as vowel quality (e.g., [2]) and VOT
(e.g., [14]), in conversational settings and in more
controlled, laboratory settings in a multitude of studies. Accommodation of f0 is of special interest because it has been reported to be a highly imitable
feature and even the primary target of accommodation ([6, 7, 8]).

Phonetic accommodation in fundamental frequency
(f0) is of particular interest because it is not contrastive in English yet it covaries with contrastive
parameters such as voice onset time (VOT). Accommodation in f0 additionally varies by speaker gender. In this investigation, we tested for f0 accommodation in 10 Korean-English bilinguals and 10 English monolinguals. Acoustic data were drawn from
recordings of [k]-initial word productions from an
experiment on VOT. Baseline f0 was compared to
f0 from a test block, completed after participants
shadowed monolingual native English. Our analysis shows convergence towards the model speaker
across L1 and gender. All but one group showed
convergence towards the model: the female monolingual English group. Their f0 was most similar to
the model f0 at baseline, a similarity to which their
divergence may be attributed. The results confirm
that accommodation in f0 is modulated by social and
linguistic factors.

2. REVIEW OF PHONETIC
ACCOMMODATION
Phonetic accommodation is the the process whereby
speakers’ speech production patterns change as a
function of the interlocutor or speech community
with whom they are interacting. This phenomenon
has been widely studied in various contexts that
small but significant effects of accommodation are
found across a range of different tasks (e.g., ambient
exposure, listening tasks, word-shadowing tasks). In
the present investigation results of a shadowing task
are reported. In shadowing, listeners repeat words
after hearing them, and spontaneous imitation or
convergence can be observed in the controlled setting of a phonetics laboratory. Speakers productions
have been shown to adapt towards those of the model
speech which they have heard [2].
Previous studies have found that phonetic accommodation, which Pardo [15] referred to as a factor
intervening between perception and production, is
influenced by a range of linguistic and social factors (e.g., [6, 15]). Among these modulating factors, Kim et al. [10] found evidence supporting
their claim that the linguistic distance between talkers would affect accommodation (i.e., whether talkers shared the same dialect, the same L1 (but different dialects), or did not share the same L1). Kim et
al. [10] found that talkers shifted more toward their

Keywords: phonetic accommodation, bilinguals,
Korean, English, f0.
1. INTRODUCTION
Hearing other people’s speech exposes us not only to
their phonological categories but also to the dialectical, sociolectical and idiosyncractic details of their
implementation at the phonetic level. These phonetic details vary both within and between talkers,
and it is sensitivity to this variation between talkers that this leads to accommodative change in any
given talker’s speech. However, many questions remain about accommodation—the necessary and sufficient conditions for accommodation to take place
are not fully known.
The question we focus on here is whether accommodation in voice onset time (VOT) observed
among a group of Korean-English bilinguals is also
observed in the non-contrastive dimension of fundamental frequency (f0). A large number of studies
shows that phonetic, lexical, and syntactic structures
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Following Kim et al. [10], we expect that the likelihood of accommodation will be greater for the English group (henceforth En) because of greater social
and linguistic similarity between model speaker and
participants. Talkers who share the same L1 with
their model talker should process the speech more
automatically and are more likely to display phonetic convergence. Thus, if a talker has different L1
from the model speaker (i.e., Korean-English bilinguals (henceforth KoEn)), convergence is less likely
in comparison with the En group. Pardo has reported
greater convergence among male interlocutors than
among female interlocutors [15] while Namy [13]
reports that female participants are more likely to
converge. Given these varied results on gender we
take this opportunity to assess the effect of gender
on accommodation in another experimental context.

interlocutor if the model is linguistically closer (i.e.,
shared the same dialect of the same L1). According to this investigation, sociophonetic similarity between interlocutors facilitates shifting and spontaneous imitation. The pitch of a speaker’s voice is
a characteristic that pervades their speech, and all
voiced segments depend upon vibration of the vocal
folds to be distinctly produced and perceived. Moreover, previous studies have argued that f0 is a critical
component of phonetic accommodation (e.g., [7, 8]).
F0 has been reported to be a highly imitable feature and even to be the primary acoustic target in
accommodation. In investigations of Gregory and
colleagues, both f0 and amplitude contours of sections of speech were examined in order to evaluate
aspects of phonetic accommodation ([7]).
Both f0 and VOT are important in distinguishing
the three-way laryngeal contrast among the stops of
Korean (lenis, fortis, and aspirated). With regards to
examining adaptation using perceptual judgments in
Korean and English speakers, Kim et al. [10] found
that at the phonetic level, speakers converged toward
a partner who had the same language or dialect. That
is to say, social factors affect the likelihood and extent of convergence. Additionally, the female participants converged more than their male counterparts
when the model talker was female.
Regarding the VOT values of Korean stops, Silva
[16] has reported that a VOT merger between the
lenis and aspirated stops is underway, and that the
distinction between these categories is maintained
primarily by an f0 onset difference between them,
that is, it is becoming a tonal contrast. In a related
study, Chang [4] examined the phonological system
of L2 participants (native English speakers learning
Korean). Chang found an influence of L2 Korean
on VOT in participants’ L1 English. Another related
investigation is that of Tobin [18], who compared accommodation in two groups of bilinguals (SpanishEnglish bilinguals and Korean-English bilinguals).
The VOT values of the Korean-English group reduced towards typical values for monolingual English speakers, while the Spanish-English group’s
VOTs showed no significant change. The difference
between these groups is attributed to the stability of
oral-laryngeal coordination among the short positive
VOT stops of Spanish in comparison with the less
stable oral-laryngeal coordination among the long
aspirated stops of Korean.
In this study, we test for f0 accommodation in
words produced by Korean-English bilinguals [19].
The additional phonetic variable of f0 onset was
measured in this existing data set. F0 measurements
were made at the onset of each target word’s vowel.

3. METHODS
3.1. Participants & stimuli

Ten Korean-English bilinguals (7 female) and ten
monolingual English controls (6 female) were
drawn from an existing data set. Participants in
the En group were native monolingual speakers of
American English, and those in the KoEn group
were native speakers of Korean with English L2.
None of the participants had any known speech, language, or hearing impairment. The model speaker,
who produced the 40 monosyllabic stimuli for the
shadowing task, was a female native speaker of
American English.
Data consisted of 40 monosyllabic English words
that begin with the voiceless velar stop ([k]). They
were recorded by a female native speaker of American English. The participants in this investigation
heard audio recordings of these words, repeated
them and read them aloud from a screen.
3.2. Procedure

Baseline task: Participants were instructed to read
the same set of words aloud. The recording took
place in a sound-proofed booth and participant read
10 repetitions of the /k/-initial monosyllabic words
of English presented on a computer screen (n = 400).
Test task: This task consisted of word shadowing
task to induce accommodation and a word reading
task, measurements of which could be transparently
compared to those from the baseline reading task.
Participants repeated words presented to them over
headphones as quickly as possible. First, participants completed a short practice block then shadowed two full randomizations of the set of 40 En-
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glish words. Each block contained two repetitions of
each of the stimulus words. In total, five test reading
blocks were completed (n = 400).

Both the female (see Table 1) and male subgroups
of the KoEn group converged towards the model
speaker’s mean f0 (195 Hz [SD = 8.71]). In the
En group, the male subgroup also converged towards the model speaker. However the female English group diverged from the model speaker. Group
means along with their standard errors are plotted
in Fig. 1. Among two of our subsets of participants then, we observe clear convergence towards
the model participant’s f0: the KoEn group and the
English male participants.

3.3. Measurements

Acoustic measurements of the f0 onset of the vowel
for each of the ten repetitions of forty words per participant were made using semi-automated VOT measurement software [11]. 15841 of the 16225 tokens
were measured. Due to mispronunciation and hesitation, 2.4% of tokens were unusable.

Figure 1: Mean f0 of baseline and test tasks, separated by language and gender groups. The red
solid line represents the female model talker.

3.4. Statistical Analysis

The goal of the analysis is to test for the effects of
L1 and gender on accommodation. A linear mixed
effects model was run in R [17] to assess changes
in f0 (dependent variable). The lme4 was used to fit
the models [3] and the lmerTest [12] package was
used to estimate p-values in the R statistical environment. The fixed effects of language, task and gender
were included, with random intercepts for participants and random by-participant slopes for task.
Fig. 2 shows individual participants’ changes in
f0, the red line indicating the f0 of the model talker.
The changes in f0 are remarkably consistent within
groups, both among those groups that converge and
those that diverge. The hypothesis that participants
who share an L1 with the model speaker would converge more is not supported. Although convergence
is observed among both the L1- and the L2-English
groups, we found more consistent convergence towards the model speaker among the L2 speakers
than among the L1 speakers. With respect to gender, the results indicate a greater likelihood for male
speakers to exhibit convergence than female speakers. Although there is a small difference in the size
of male vs female sample (7 vs 13), this difference
is not major and there is considerable consistency of
patterns within groups.

4. RESULTS
Our hypothesis was that speakers who share the
same language/dialect background as the model
speaker would display a larger degree of phonetic
accommodation [9]. Thus, if a speaker has different
L1 (here Korean) from the model speaker, less convergence in comparison with the En group would be
expected. The model’s predictions for male participants’ f0 values fell in the range of 100-125 Hz,
while those for female participants were between
200 and 260 Hz. These values are typical for male
and female speakers and confirm the validity of our
measurements. The model revealed significant effects of language, gender and task.
Table 1: Summary of results of linear mixed effect model for f0 (language, task, gender)
Fixed Factor
(Intercept)
Language(ref = KoEn)
Gender(ref= Female)
Task (ref = Baseline Task)
Language:Gender
Language:Task
Gender:Task
Language:Gender:Task

Estimate
253.77
-45.26
-144.02
-6.81
47.51
23.35
17.74
-26.32

SE
3.47
5.1
6.33
1.87
8.67
2.75
3.41
4.67

Figure 2: Individual participant accommodation
patterns

t-value
73.18 ***
-8.87 ***
-22.75 ***
-3.65 **
5.48 ***
8.5 ***
5.2 ***
-5.64 ***

’***’ p <.001, ’**’ p <.01

Focusing on the comparisons that are relevant
to our hypothesis, changes in f0 from baseline to
test reading task were significant for all groups.

2612

5. DISCUSSION

female participants showing variability in accommodation is striking. Among investigations of accommodation in which cross-language effects on f0
are considered, Chang [4] found significant changes
in the English f0 and VOT values of native speakers of American English while they learned Korean
from scratch in an immersion course. With regard
to f0, Chang found significant changes among the
female participants but no such changes among the
male participants. This is the opposite pattern to the
one reported here. Although language contact is a
shared aspect between Chang and the present investigation, we should note that Chang focused on L2induced changes in participants’ L1, whereas our focus among the Korean-English bilingual group is on
changes in the L2 that may be modulated by the L1.
Thus, his reports of phonetic drift (accommodative
effects of one of a speaker’s language on another
of their languages) need not necessarily match our
effects of phonetic accommodation (within a single
language of a speaker).
One related line of research that may offer an explanation for the divergence of the English female
group is that of Tobin et al. [20]. In a somewhat different experimental paradigm, they found
that the distance between VOTs of a speech stimulus and those of the participant affects the extent
to which participants converge. The key here is that
of phonetic distance. Considering Fig. 2, it is clear
that, with one exception, those participants whose
baseline f0 is 50Hz or more from that of the model
speaker (all but one of the male participants and all
of the KoEn male participants) converge towards the
model speaker’s f0. Conversely, those participants
whose baseline f0 is very similar to (within 25 Hz
of) that of the model diverge.
Summing up, speech accommodation is a phenomenon that is influenced by a wide variety of
factors, including individual speaker differences, as
well as social and linguistic factors. We are increasingly able to bring these under experimental control.
Language differences did not hinder phonetic accommodation for non-native speakers in the present
investigation (cf. [10]). In fact, gender played a
greater role in modulating convergence in this investigation. Further, although there may be automatic
elements to accommodation [14], given that speakers retain individual speech characteristics, it is not
purely an automatic process of the language system.
Various factors, including the distance between interlocutors’ phonetic parameter values [20], seem to
play a role in modulating presence and degree of accommodation.

We tested for convergence towards the f0 of a
model speaker of American English, among monolingual native speakers of English Korean-English
bilinguals. We tested the hypothesis that speakers who shared the native language of the model
speaker would be more likely to converge than those
who did not. We also assessed the effect of participant gender on the likelihood of convergence.
The results did not support this hypothesis about
the effect of language—the Korean-English group
was, in fact, more consistent in showing convergence towards the model speaker than the monolingual English group. That is not to say that the
English group demonstrated no convergence. Both
language groups showed significant convergence towards the model speaker’s f0. However, among the
English monolinguals, only the male speakers converged, while the female speakers consistently diverged from the model.
In the literature on phonetic accommodation the
effect of gender has not been entirely consistent.
Some investigations, such as that of Pardo, report
results showing the male speakers converge more
than female speakers [15], whereas others, such
as that of Namy, report that female speakers converge more [13]. Among investigations of f0 in
which consideration is given to participant gender,
findings of Babel and Bulatov [1] are consistent
with those presented here. In Babel and Bulatov’s
investigation, male and female native speakers of
American English shadowed words produced by another male native speaker. In their unfiltered audio condition, male participants showed greater convergence towards the model speaker than female
participants. While our female native-English participants showed divergence, the relative change in
f0 between genders is consistent, with male speakers showing clear convergence and female speakers
showing either weaker convergence or divergence.
Our findings for the English group are also consistent with Namy et al. [13] who found that listeners more consistently judged productions of male
speakers to have converged towards an interlocutor
than those of female speakers. We should note that
Babel and Bulatov [1] measured the average f0 over
the course of word productions, whereas we measured f0 onset, and their model speaker was male,
whereas ours was female. Likewise, Namy’s measures are listener’s holistic judgments rather than
acoustic measurements. Perhaps precisely because
of these differences, the pattern across investigations of male participants converging reliably and
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ABSTRACT
During spontaneous speech production, speakers
inevitably pause silently due to various causes. Often,
speech resumes normally afterward without message
interruption. But sometimes, silence is terminated
with a filled pause (English uh/um, Japanese e:/e:to).
The present study examines whether such filled
pauses may be regarded as “pause fillers”: that is, if a
speaker pauses longer than some (e.g., culturallydetermined) silence threshold, they are likely to fill the
silence with a marker (here, a filled pause). Four
questions are examined: (1) do speakers use filled
pauses as pause fillers, (2) does this differ between
native English and Japanese, (3) does Japanese
speakers’ silence threshold differ between their first
and second languages, and (4) are such differences
modulated by second language proficiency? Results
from a study of two monologic speech corpora suggest
that the answer to all questions is “yes”, but only with
utterance-internal rather than -boundary pauses.
Keywords: silent pauses, filled pauses, speech
prosody, speech corpora, hesitation phenomena
1. INTRODUCTION
Speakers engaging in unscripted speech will
inevitably find themselves from time to time unable
to continue their speech immediately. This could
happen after the end of one utterance or even midutterance. In either case, they may become
temporarily silent at this point before resuming.
Sometimes, this silence may be terminated with the
beginning of a new utterance, and other times, the
termination will be with a resumption of the current
utterance. Sometimes, the termination will occur with
a filled pause of a conventional form in the language
of their speech (e.g., uh/um in English) before speech
resumes normally. This filled pause may be seen as
“filling” some (further) silence that would have
otherwise occurred in its place. Furthermore, the
motivation for its use could be that the speaker
realizes their silence will exceed some threshold for
normal silence. This hypothesis—herein called the
“pause filler hypothesis” and motivated in part by
work as far back as Maclay and Osgood [8] inter
alia—is partially examined in the present work.
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Under this hypothesis, the use of filled pauses as
pause fillers could be modulated by language. That is,
for speakers of languages where cultural norms allow
lengthy silence, the silence threshold could be longer
and the onset of pause fillers might be delayed
compared to speech in other languages whose
cultures evaluate silence more negatively.
Alternatively, nonnative speakers of a language with
a different cultural value of silence than that of their
native language may show some variation in their
speech production as a transfer effect. The present
study examines pause fillers within these
crosslinguistic comparisons using two speech
corpora.
2. BACKGROUND
2.1. Filled pauses

Filled pauses are conventionalized phonemic forms
that carry no propositional value (though they may
have a pragmatic purpose) and delay message transfer.
In English, typical forms are uh [əː] and um [əm] [3,
6, 8, 10, 16]. In Japanese, forms are more varied, but
by far the most common are e- [ɛː] and e-to [ɛːto] [9].
The label “filled pause” is somewhat controversial,
with one point of contention being their nature. Some
researchers (cf., [3, 17]) argue that they are not
“pauses” at all but are intentionally-chosen devices
used to communicate expectations about problems in
language production. Some alternative names for the
phenomenon thus include “hesitation fillers” and “ahphenomena”. Other researchers argue against the
notion of filled pauses as words or intentionally
selected devices (cf., [4, 5]), instead regarding them
as something more like nonverbal tics. The present
study makes use of the terms “fill” and “pause” as a
terminological convenience, but is not committed to
any particular side in the above debate. The somewhat
intermediate view taken herein views filled pauses as
occurring when a speaker realizes the silence
threshold will be exceeded and then uses them to fill
(or replace) what would have been further silence.
2.2. Silence threshold

Numerous factors are hypothesized to influence the
silence threshold. Previous research shows that the

occurrence of silent and filled pauses is influenced by
the discourse-syntactic context: In general, pauses are
longer and more frequent at major boundaries than at
minor boundaries (e.g., in English [3, 18] and in
Portuguese [13]). It is conceivable that the silence
threshold is longer at such major boundaries:
Speakers give themselves longer to prepare a major
following constituent, and listeners may also
cooperatively allow them to do so. But pauses at
minor or non-boundary locations may be regarded as
unwarranted and hence the allowable silence may be
shorter, lest it generate confusion in communication.
But this may vary crosslinguistically. In Japanese,
for example, silent pauses show a distribution similar
to that described above, but filled pauses do not [20].
This could be culturally driven. Japanese (and some
other Asian languages) has been described by
sociologists as being more tolerant of silence (cf., [7,
11, 12]). This could influence the Japanese speaker’s
threshold length and, hence, their use of filled pauses
as pause fillers.
Yet another influence on silence threshold could arise
in the context of second language (L2) speech.
Nonnative speakers may be less proficient in the
language and therefore have no choice but to pause
longer and perhaps in what might otherwise be unusual
locations for the native (L1) speaker. They might
therefore show a longer silence threshold than they
normally would (cf., transfer effects as described in [15,
19]). On the other hand, as they become more proficient
in the second language, they might show a silence
threshold that is more in line with that of the target
language (e.g., Japanese learners of English might begin
to use a shorter threshold, particularly at major
boundaries).
3. METHOD
The present work aims to answer four research
questions, as follows.
(1) Do speakers use filled pauses as pause fillers?
(2) Does this differ between native languages?
(3) Does speakers’ silence threshold differ between
their first and second languages?
(4) Are such differences modulated by second
language proficiency?
3.1. Spontaneous speech corpora

For the purpose of answering these questions, L1 and
L2 speech in two different speech corpora were
analyzed. While these two corpora are not directly
related to one another, they have comparable
elements in the context of the present work.
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3.1.1. Corpus of Presentations in English
The Corpus of Presentations in English (COPE, [21])
consists of narrative speech by 20 university-aged
native speakers of North American English. Speakers
were given ten minutes to make notes and prepare to
give an otherwise unscripted ten-minute talk on their
most memorable experience. As a whole, the corpus
consists of 41,062 words in 3.8 hours of speech. This
includes 7,156 silent pauses and 1,442 filled pauses.
3.1.2. Crosslinguistic Corpus of Hesitation
Phenomena
The Crosslinguistic Corpus of Hesitation Phenomena
(CCHP [14]) is a corpus of speech in response to three
different tasks: reading aloud, picture description, and
topic narrative. 35 university-aged native speakers of
Japanese performed each task for approximately three
minutes in both Japanese (their L1) and English (their
L2). For the present work, only the unscripted speech
portions (excluding reading aloud) were used. This
consists of 40,870 words in 9.2 hours of speech and
includes 13,648 silent pauses and 3,680 filled pauses.
The corpus also contains a general L2 proficiency
estimate (on a course scale, 1-7) based on selfreported performance on standardized tests (typically
focused on receptive skills), living abroad experience,
and self-assessment of proficiency.
3.2. Extracted data

To test the basic pause filler hypothesis, the relevant
comparison is between the duration of standalone
silent pauses and the total duration of pauses starting
with silence and then terminating in a filled pause.
Hence, for all silent pauses in both corpora, duration
measurements were taken of silent pauses as well as
silent plus filled pauses using Praat [2]. For all of
these pauses, also recorded was whether they
occurred at an utterance boundary, or utteranceinternally. Finally, the CCHP L2 proficiency
estimates were used to separate speakers into two
broad proficiency groups: low and high (17 speakers
in each group; one speaker for whom no L2
proficiency information was available was excluded
from the analysis).
In order to evaluate research questions (1) and (2),
the L1 English data from COPE and the L1 Japanese
data from CCHP were used. To evaluate research
questions (3) and (4), the L1 Japanese data and L2
English data from CCHP were used. Statistical tests
were performed using mixed effects modeling using
duration, language, and L2 proficiency group as fixed
effects and participants (speakers) as random effects.
Because the distribution of pause duration is lognormal, the glmmPQL() function in the MASS

Figure 1: Duration (with 95% confidence intervals) of standalone silent pauses (dark gray) and silent followed by
filled pauses (light gray) at utterance boundaries in L1 English (COPE) and L1 Japanese (CCHP) at left and in L1
Japanese (CCHP) and L2 English (CCHP) for low and high L2 proficiency speakers at right.

Figure 2: Duration (with 95% confidence intervals) of standalone silent pauses (dark gray) and silent followed by
filled pauses (light gray) at utterance-internal locations in L1 English (COPE) and L1 Japanese (CCHP) at left and
in L1 Japanese (CCHP) and L2 English (CCHP) for low and high L2 proficiency speakers at right.

package (ver. 7.3-45) in R (ver 3.3.2) was used
because it provides the option to specify the GLM
family (i.e., gaussian(link=”log”)).
One further comment is warranted regarding the
analysis. In much work, pause duration is known to vary
somewhat with speech rate. As a result, many
researchers normalize pause duration measurements
with respect to speech rate. In the analysis presented
here, this was not done: pause durations are the raw
durations. This is because the pause filler hypothesis is
predicated on the idea that the silence threshold is a
shared property among a community of language
speakers. Hence, I assume that speakers will observe a
common silence threshold duration, in real-time. [Note:
Although there is no space to report it here in detail, an
alternative statistical analysis based on normalized
durations showed the same overall trends that are
reported below.]
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4. RESULTS
As noted above, different factors may influence the
silence threshold at utterance boundary vs. internal
locations. Therefore, the results for each of these are
presented separately below.
4.1. Utterance boundary pauses

Results (Fig. 1 left) show that utterance boundary
pauses are longer in L1 Japanese than in L1 English
[t(52)=19.8, p<0.001] and further that in both
languages, silent plus filled pauses are longer
[t(2642)=8.8, p>0.001]. However, a significant
interaction between duration and language
[t(2642)=3.8, p<0.001] suggests that the difference
between the two pause types is weaker in L1 Japanese.
Under this model, the marginal R2 = 26.7%.
Results (Fig. 1 right) also show that utterance
boundary pauses are longer in L2 English than in L1
Japanese [t(1840)=6.0, p<0.001] and further that in

both languages, silent plus filled pauses are longer
[t(1840)=3.7, p>0.001]. However, no other main
effect nor interaction was observed and the marginal
R2 = 1.9%.
4.2. Utterance-internal pauses

Utterance-internal pauses show a much clearer
pattern of results than do utterance boundary pauses.
The internal pauses (see Fig. 2 left) are longer in L1
Japanese than in L1 English [t(52)=8.2, p<0.001] and
in both languages, silent plus filled pauses are longer
than plain silent pauses [t(10,266)=18.6, p<0.001].
The lack of an interaction between duration and
language [t(10,266)=1.2, n.s.] further shows that the
difference between the two pause types is consistent
across languages. For the model as a whole, R2 =
29.7%.
Results (Fig. 2 right) show that utterance-internal
pauses are longer in L2 English than in L1 Japanese
[t(10,353)=15.6, p<0.001] and also that silent plus
filled pauses are longer than standalone silent pauses
[t(10,353)=18.0,
p<0.001].
Furthermore,
an
interaction between L2 proficiency group and pause
type [t(10,353)=3.0, p<0.005] shows that the
difference between the pause types is larger for low
proficiency than high proficiency speakers. For the
model, marginal R2 = 10.4%
5. DISCUSSION
The present work has sought to examine the pausefiller hypothesis—the idea that speakers who
anticipate their ongoing silence to exceed some
threshold will fill the pause with a filled pause—with
respect to the four questions listed at the start of
Section 3 above.
Results from the two crosslinguistic speech
corpora suggest that the answer to all four questions
is yes, but with some qualifications. First, the
difference between the pause types for utterance
boundary pauses is weaker in L1 Japanese than in L1
English. Further, the difference is consistent between
L1 Japanese and L2 English suggesting that they are
weak in both cases, regardless of L2 proficiency.
Hence, for utterance boundary pauses, L1 English
speakers use filled pauses as pause fillers but L1
Japanese and L2 English speakers do not; or do so
only weakly and with a longer silence threshold.
For utterance-internal pauses, however, the
difference between pause types is consistently strong
across all three language variants, and, it seems,
especially strong for low proficiency L2 English
speakers. Hence, for utterance-internal pauses, all
speakers use filled pauses as pause fillers with silence
thresholds showing the following order: L1 English <
L1 Japanese < low proficiency L2 English < high

2618

proficiency L2 English. Interestingly, the results even
show that the low proficiency L2 English speakers
actually maintain the longer silence threshold even
when speaking in L1 Japanese. This suggests that it
could be an aspect of their L1 behavior that
determines the nature of their L2 performance, hence,
a transfer effect from their L1 [15, 19].
The difference between the utterance boundary
and non-boundary cases is interesting in light of the
pause filler hypothesis. The weaker effect of pausefilling at utterance boundaries suggests that the
motivation to observe the threshold is not as
important at when the speaker is preparing a
subsequent utterance. This is not inconsistent with
previous findings which show that speakers use more
and longer filled pauses at major than minor
boundaries. It just means that they are not as
concerned about filling silence that may occur at
those places. But they are more concerned at nonboundary locations where an overly long silent pause
might seem odd, or even serve as an incorrect signal
that the following constituent might be a major
constituent (cf., [1]).
One potential empirical criticism of the present
work is the way that the pause-filler notion has been
operationalized. Here, the motivator of pause-filling
has been the total duration of the silent pause plus its
immediately following filled pause. But, an alternate
concept of the motivator is the duration of the silent
portion alone. That is, if the silence itself exceeds
some threshold, a filled pause will be initiated. While
it is not possible to present the statistical details here,
this alternative version of the pause-filler hypothesis
was tested. Results actually show the same general
pattern of results as already presented here, with a
stronger distinction between utterance boundary and
utterance-internal pauses (i.e., the former showing
almost no significant effects at all).
Finally, while the present research examines filled
pauses as pause fillers, it should be noted that the
results here do not conclusively confirm the pausefiller hypothesis but are merely consistent with the
hypothesis. Further work testing the hypothesis in a
controlled experimental paradigm designed to
measure the production or even perception of filled
pauses as pause fillers is necessary.
Nonetheless, the data presented here is somewhat
unique in that most studies of silent and filled pauses
have looked at the silence after the filled pause (e.g.,
[3]). While there are some that look at the silence
before filled pauses (e.g., [22]), few (if any) have
compared silent and filled pauses to standalone silent
pauses using crosslinguistic corpora as reported
herein. It is hoped that this data provides a new view
on the rather older question of whether filled pauses
actually fill pauses.

6. REFERENCES
[1] Bailey, K., Ferreira, F. 2003. Disfluencies affect the
parsing of garden-path sentences. Journal of Memory
and Language 49, 183-200.
[2] Boersma, P. 2001. Praat, a system for doing phonetics
by computer. Glot International 5, 341–345.
[3] Clark, H., Fox Tree, J. 2002. Using uh and um in
spontaneous speaking. Cognition 84, 73–111.
[4] Corley, M., Stewart O. W. 2008. Hesitation
Disfluencies in Spontaneous Speech: The Meaning of
um. Language and Linguistics Compass 2, 589–602.
[5] Finlayson, I. R. 2014. Testing the roles of disfluency
and rate of speech in the coordination of conversation.
Ph.D. Thesis. Queen Margaret University: Edinburgh.
[6] Goldman-Eisler, F. 1961. A Comparative Study of Two
Hesitation Phenomena. Language and Speech 4, 18–26.
[7] Klopf, D. W. 1991. Japanese communication practices:
Recent comparative research. Communication
Quarterly 39, 130–143.
[8] Maclay, H., Osgood, C. 1959. Hesitation Phenomena in
Spontaneous English Speech. Word 15, 19–44.
[9] Maekawa, K. (2003) “Corpus of Spontaneous Japanese:
Its Design and Evaluation.” Proceedings of SSPR
Tokyo, 7–12.
[10] Mahl, G. 1987. Explorations in nonverbal and vocal
behavior. Hillsdale, NJ: Lawrence Erlbaum Associates.
[11] Nishimura, S., Nevgi, A., Tella, S. 2008.
Communication Style and Cultural Features in
High/Low Context Communication Cultures: A Case
Study of Finland, Japan and India. Proc. of a subjectdidactic symposium in Helsinki on Feb. 2, part 2
Helsinki, 783–796.
[12] Ohtaki S, Ohtaki T., Fetters, M. D. 2003. Doctor–
patient communication: a comparison of the USA and
Japan. Family Practice 20, 276–282.
[13] Oliveira, M. 2002. The Role of Pause Occurrence and
Pause Duration in the Signaling of Narrative Structure.
Proc. of the Third International Conference on
Advances in Natural Language Processing (PorTAL
‘02) Faro, 43–52.
[14] Rose, R. 2013. Crosslinguistic Corpus of Hesitation
Phenomena: A Corpus for Investigating First and
Second
Language
Speech
Performance.
INTERSPEECH 2013 Lyon, 992–996.
[15]
Selinker, L. 1969. Language transfer. General
Linguistics 9, 67-92.
[16] Shriberg, E. 1994. Preliminaries to a theory of speech
disfluencies, Ph.D Thesis. University of California,
Berkeley: Berkeley.
[17] Smith, V., Clark, H. 1993. On the course of answering
questions. Journal of Memory and Language 32, 25–38.
[18] Swerts, M. 1998. Filled pauses as markers of discourse
structure. Journal of Pragmatics 30, 485–496.
[19]
Tajima, K., Port, R. Dalby, J. 1997. Effects of
temporal correction on intelligibility of foreignaccented English. Journal of Phonetics 25, 1-24.
[20] Watanabe, M., Kashiwagi, Y., Maekawa, K. 2015.
The relationship between preceding clause type,
subsequent clause length and duration of silent and
filled pauses at clause boundaries in Japanese

2619

monologues. The 7th Workshop on Disfluency in
Spontaneous Speech (DiSS 2015) Edinburgh.
[21] Watanabe, M., Toyama, S. 2017. 『日本語話し言葉
コーパス』と対照可能にデザインされた英語話
し言葉コーパスにおけるフィラーの分布の特徴
[Building “The Corpus of Oral Presentations in English
(COPE)” for Contrastive Studies of Disfluencies in
English and Japanese: With Some Preliminary
Analyses of Filled Pause Distributions]. NINJAL
Research Papers 12, 141–203.
[22] Womack, K., McCoy, W., Alm, C. O., Calvelli, C.,
Pelz, J. B., Shi, P., Haake, A. 2012. Disfluencies as
Extra-Propositional Indicators of Cognitive Processing.
Proc. of the Workshop on Extra-Propositional Aspects
of Meaning in Computational Linguistics (ExProM)
Jeju, 1-9.

The Effects of Polysyllabic Shortening and Word/Phrase Boundary on Duration
Patterns of English
Bingru Chen
The Chinese University of Hong Kong
Vivian_Chan@link.cuhk.edu.hk

ABSTRACT
This study is intended to examine the duration
patterns of English by Mandarin speakers in
comparison with native British speakers. 11 native
British English speakers and 20 Mandarin speakers of
English were asked to produce 4 sets of tokens
consisting of a mono-syllabic base form, disyllabic,
and trisyllabic words derived from the base by the
addition of suffixes, and a set of short sentences with
a particular combination of phrase size, stress pattern,
and boundary location. The results suggest that the
amount of polysyllabic shortening and the effect of
word or phrase position are likely to affect duration
patterns of Mandarin speakers of English, leading to
their Chinese accent of English. This study can
benefit both L2 leaners and language teachers by
increasing their sensitivity to the duration differences
and difficulties experienced by L2 learners of
English.
Keywords:
duration
patterns,
polysyllabic
shortening, word/phrase boundary, Chinese accent
1. INTRODUCTION
Foreign accents are often perceived in the speech of
Chinese speakers who speak English as an L2 (ESL)
(e.g., [7], [14]). Many scholars have examined the
factors affecting overall degree of perceived accent.
However, most previous studies on the phonological
features of Chinese-accent English focus on the
segmental features (e.g. [7]); the suprasegmental
elements receive much less attention. As is stated by
Flege [8], articulatory habits and phonological
knowledge of the first language (L1) are often applied
by L2 learners when they speak a foreign language.
According to [14], cross-linguistic variation in
duration presents a potential problem for L2 learners
attempting to learn the sound system of a new
language. Although certain research (e.g., [3], [17])
shows that L2 productions may be affected by L1
duration patterns, little work has been done,
especially for Chinese ESL speakers (e.g., [4], [17]).
English and Mandarin Chinese are different in
terms of duration patterns. Languages have been
traditionally classified as stress-timed (e.g., English,
German), syllable-timed (e.g., Chinese), and mora-
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timed (e.g., Japanese) ([1], [10]). This classification
is based upon the concept of isochrony, meaning that
there are units of equal duration within the speech
signals. However, no clear evidence for such
isochrony has been found ([6], [13]). Wang et al., [16]
compared the relationship between segment and
syllable duration for English and Mandarin. They
found that English segments are not compressible for
the sake of equal syllable duration. Mandarin
Chinese, on the other hand, is perceived to be
syllable-timed. Although this distinction may remain
debatable, the rhythmic pattern of English is
nonetheless quite different from that of Chinese.
In the process of exploring duration factors in
speech, Lehiste [11] discovered that the durational
structure in English is conditioned by the number of
syllables: as the number of syllables in a word or
phrase increases, the duration of all individual
syllables shortens. This effect is referred to as
polysyllabic shortening and has been tested in a
number of studies (e.g., [2], [15], [18]).
According to [21], polysyllabic shortening is
equally relevant in Mandarin, but the shortening
effect is greater. In Mandarin, the final syllable
compresses considerably when changing from a
monosyllabic word to disyllabic word pattern (Figs.
3c, 4a in [21]), which is different from English (Figs.
4 and 5 in [12]). Moreover, in Mandarin, syllables
that are newly added in the medial position are
considerably more compressed than initial ones when
words are changing from disyllabic to tri- and quadrasyllabic words (Figs. 4a in [21]), whereas in English
this considerable difference is much more subtle:
medial syllables are only slightly shorter than initial
syllables (also Figs. 4 and 5 in [12]).
Klatt [9] stated that a word pronounced
independently from others has a relatively identical
duration as if it is at the final position of an utterance.
This phenomenon is described as a pre-pause
elongation. The details include word-final
lengthening and phrase-final lengthening. The
duration of a word-final syllable is longer than that of
their counterparts found in different word positions
([2], [15], [18]). The effect of phrase-final
lengthening was stated by Klatt [9] that eloquent
pauses take place in sentences. Such pauses are often
found at the closing of an embedded section or prior
to a prepositional word which does not alter the word

positioned before it. Pre-pause elongation is also
noticed in such cases. This type of lengthening also
takes place within phrase and clause boundaries when
physical intervals are absent from the acoustic signal.
According to [19], the duration patterns in
Mandarin are influenced by the effect of final
lengthening as well. It was reported that a disyllabic
word has a short-long duration pattern regardless of
whether it is utterance-initial or utterance-final.
Similar patterns can also be found in Chen [5]. Xu and
Wang [21] also found that there is a shortening of
word- or phrase-medial syllables in Mandarin that is
virtually absent from English.
In this study, we aim to examine the duration
patterns of English by Mandarin ESL learners. A
comparative study is further conducted with native
British English speakers, expecting to see whether the
accented pronunciation of Chinese ESL speakers of
English, if any, is dependent on their native duration
patterns.
2. METHOD
2.1. Subjects

2.3. Measurements

The acoustic sound of each word was analyzed by
using ProsodyPro, a Pratt script for prosody analysis
[20]. Segmentation and labeling for each experiment
were done in the TextGrid window. The onset and
offset of each target sequence was manually labeled.
The segmentation of the acoustic signal was carried
out by reference to spectrographic evidence of the
transition between consonants and vowels. The
overall data was analyzed by two-way ANOVAs.
2.4. Experiments

2.4.1. Experiment 1
This experiment represented a replication and
extension of [11]. The stimuli consisted of 4 sets of
words (16 tokens in total), built around the base
words stick, sleep, shade, and speed. Three
derivational suffixes are added to the base words
separately, one of them (-y) monosyllabic and two (ily, -iness) disyllabic.
2.4.2. Experiment 2

The overall experiments had a between-subjects
design. One group consists of 11 native British
English speakers (7 females, 4 males) who were all
from the Greater London area and self-declared to
speak Southern British English, Received
Pronunciation, or BBC English. Subjects in this group
were average 33 years old. The other group includes
20 native Mandarin speakers (17 females, 4 males)
who were all from mainland China and spoke
standard Mandarin. They were average 24 years old,
and have been learning English for average 14.5
years. Their English proficiency was overall band
score in IELTS 6.5 or above (speaking test above
6.0). The subjects had 0-3 years (average 1.5 years)
of experience living in the United Kingdom and had
no experience of living in other English-speaking
countries. All subjects were recorded under standard
conditions in a sound-treated booth by using an Audio
Technica AT2020 USB Microphone. All participants
were recruited from the city of London and paid for
their participation.
2.2. Recording Procedure

Subjects were told to read stimuli in a constant
speaking rate and loudness. The stimuli were
presented on the screen of a notebook computer via a
java script in a random order, and a different order
was used for each subject. All stimuli repeated 3
times. If the subjects made a mistake, they were
instructed to repeat the word or sentence.
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This experiment used three sets of phrases in carrier
sentences. The stimuli consisted of two-word
adjective-noun phrases which were all 3 syllables in
size. It is known that a particular combination of
phrase size, stress pattern, and boundary location
specified a phrase paradigm. Only the typical stress
level “01+1# ” and “The + adjective + noun+ verb
phrase” phrase type was used in this study. The digits
0 and 1 denote no stress and primary stress. The +
symbol and # symbol demote a word boundary and a
phrase boundary, respectively. The three sets of
phrases were put in a standard syntactic context (early
position in the sentence, e.g. in 1a, 2a, and 3a), and
then in a nonstandard syntactic context (later position
in the sentence, e.g. in 1b, 2b, and 3b).
(1a) The remote stream was perfect for fishing.
(1b) Fishing in the remote stream was perfect.
(2a) The absurd day made many ideas seem strange.
(2b) Many ideas on this absurd day seemed strange.
(3a) The confused girl found the boy full of secrets.
(3b) The boy was found by the confused girl full of
secrets.
2.5. Results

2.5.1. Result of Experiment 1
There is a clear correlation between the duration of
the base and the number of syllables for both groups
of speakers. That is, as the number of syllables in one

word increases, the durations of base or the durations
of the same segments in the derived word decreases,
as is graphically shown in Figure 1. Similar duration
patterns are also seen in the syllable nuclei (vowel),
as displayed in Figure 2, which is true of both British
speakers and Mandarin ESL speakers. The present
data confirms Lehiste’s hypothesis [11] that
durational structure is conditioned by the number of
syllables in a word for English. A similar tendency
can also be found for Mandarin ESL speakers when
they read the same materials.
Figure 1: Mean durations with standard deviations of base
and of the same segments in the derived words for the
words stick, sleep, shade and speed by British English
speakers and Mandarin ESL speakers.

A two-way ANOVA was conducted and the result
shows that there is a significant difference in the mean
B/D ratio (the ratio of the duration of the base word
to the duration of the same segments occurring in the
derived word) of each set of words between two
groups (p<0.01), except for the set of sleep. Besides,
British English speakers show greater polysyllabic
shortening in the base form of derived words as they
have greater B/D ratio than Mandarin ESL speakers
for each set of words. Significant differences can also
be found in the mean B/D ratio within each set of
words when three suffixes (-y, -ily, -iness) were
added to the base words (p<0.01).
2.5.2. Result of Experiment 2
For both groups, word-final syllables are longer than
word-initial syllables; phrase-final syllables are
longer than word-final syllables; and monosyllabic
words behave like word-final syllables when they are
in word-final position, and like phrase-final syllables
when they are in the phrase-final position. These are
true of both standard context and nonstandard
context, as shown in Figure 3 and 4.
Figure 3: Duration of syllables as a function of their
positions within words and phrases (1a, 2a, 3a) in standard
syntactic context for British English speakers (a) and
Mandarin ESL speakers (b)

Figure 2: Mean durations with standard deviations of
syllable nuclei for the words stick, sleep, shade and speed
and their derivative words by British English speakers and
Mandarin ESL speakers.
(a)

(b)

Figure 4: Duration of syllables as a function of their
positions within words and phrases (1b, 2b, 3b) in
nonstandard syntactic context for British English speakers
(a) and Mandarin speakers of English (b)

(a)

(b)

The effect of syntax on syllable duration was also
investigated by varying the syntactic contexts into
standard syntactic context. Syllables with the same
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positions in words and phrases have the same stress
level “01+1#”. If equivalent syllables have the same
duration in both standard and nonstandard contexts,
then the data points are likely to fall on the diagonal
line. Figure 5 displays that equivalent syllables are
consistently longer in standard context than in
nonstandard context, especially for phrase-final
syllables. This result shows that there is an apparent
effect of syntactic context for syllable durations for
both groups.
Figure 5: Duration of syllables in standard syntactic
context versus nonstandard syntactic contexts (labelled
“other” on the ordinate) for British English speakers (a)
and Mandarin ESL speakers (b). Each point represents two
syllables equated for stress-level, position within word, and
position within phrase in the two contexts.

(a)

(b)

A two-way ANOVA was conducted to show that
under standard context, there is a significant
interaction between the effect of subject groups and
location in words and phrases (p=0.01) on the mean
duration of syllables. Simple main effect analysis
shows that there is no statistically significant
difference between two groups when producing
word-initial syllables (p=0.39). However, when these
two groups produce word-final syllables (p=0.03)
and phrase-final syllables (p<0.01), significant
difference can be found. Duration of both word-final
syllables and phrase-final syllables produced by
British English speakers (mean duration 173.97ms
and 272.82ms) is longer than that of Mandarin ESL
speakers (mean duration 154.53ms and 232.94ms).
On the other hand, a significant interaction
between the effect of subject groups and location in
words and phrases on the mean duration of syllables
(p<0.01) can also be found under nonstandard
context. No significant difference exists between two
groups for the mean duration of word-initial syllables
(p=0.09), but it does exist between them for the mean
duration of word-final syllables (p=0.02) and phrasefinal syllables (p<0.01). British English speakers
produce longer duration for syllables in word-final
position (mean duration 165.94ms) than Mandarin
ESL speakers (mean duration 147.58ms); and British
English speakers also produce longer duration for
syllables in phrase-final position (mean duration
266.50ms versus mean duration 222.03ms).

2623

3. DISCUSSION AND CONCLUSION
The goal of the present study is trying to see if we can
find any Mandarin-specific durational characteristics
that are carried to Mandarin ESL speakers, leading to
their foreign accent when they speak English.
First, it confirms Lehiste’s hypothesis [11] that
durational pattern is conditioned by the number of
syllables. However, although the similar tendency
occurs to both groups, British English speakers show
greater reduction in the base form of derived words,
and there is a significant difference between two
groups in the degree of that reduction. Therefore, the
amount of polysyllabic shortening is likely to be one
of the duration-related factors leading to the foreign
accent of Mandarin ESL speakers. But it is interesting
that the result contradicts what has been predicted
based on the finding of [21] that Mandarin has more
substantial polysyllabic shortening. In terms of the
reason of such a phenomenon, further investigation is
worthy to be conducted.
Second, duration of syllables is dependent on the
position of the syllable in a word and phrase. British
English speakers show a consistently increasing
tendency for duration of syllables from word-initial
position to phrase-final position. This finding
confirms the hypothesis of [12]. Similar tendency can
also be found in Mandarin ESL speakers. In both
standard and nonstandard contexts, two groups are
significantly different in the mean duration of wordfinal and phrase-final syllables. That is, British
English speakers produce longer duration for
syllables in both word-final position and phrase-final
position.
Thus, the amount of polysyllabic shortening and
the effect of position in words and phrase on syllable
duration are likely to be two duration-related factors
affecting the accentedness of English for Mandarin
L2 speakers. Even though the vowel types and
syllable structures involved in this study seem not
comprehensive enough, we do hope that this study
can offer some preliminary findings for later research
on duration patterns of languages. Mastering a good
understanding of the effect of polysyllabic shortening
and position in words or phrases may be also helpful
for L2 teachers to set priorities when they teach
pronunciation to L2 learners.
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ABSTRACT
Research into second language fluency has called for
cross-linguistic studies to rule out measures that can
be attributed to intra-speaker variation. However,
cross-linguistic comparisons in fluency studies are
problematic. Research in the area has not necessarily
taken into consideration differences across languages
such as syllable structure, phonotactics, durational
cues to prominence and prosodic levels, and
idiosyncratic nature of pause duration.
The preliminary results of this study into L2
fluency in Chilean Spanish speakers of English
revealed that speed and pause phenomena were
mostly idiosyncratic, and that segments rather than
syllables could be a more reliable measure.
Durational cues for phrasal level prominence were
not implemented consistently in the L1 and preboundary lengthening in the L2 was not necessarily
being used to signal prosodic constituent boundaries.
It may be useful to re-operationalize measures used in
L2 fluency studies from a phonetics-phonology
interface perspective.
Keywords: L2 fluency, utterance fluency, speech
fluidity, pre-boundary lengthening, pause.
1. INTRODUCTION
Second language fluency (SLF) has been defined as
the ability to speak at length with a few pauses [8].
There are two conceptualisations, broad and narrow,
of second language fluency which address the need
for its more systematic study [23]. The broad
definition equates fluency to all-round oral
proficiency [16]. The narrow approach views fluency
as a temporal phenomenon that can be studied and
measured in terms of the properties of the sound wave
[6]. In the narrow conceptualization, utterance
fluency, also known as speech fluidity, has been
studied for over three decades in terms of quantity and
quality of speech. Within fluidity, there is a further
subdivision into three components: speed,
breakdown, and repair fluency. The first corresponds
to the speed of speech, the second to the use of
silence, and the third to repair mechanisms deployed
by speakers to avoid communication breakdown [25].
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Studies into SLF have investigated which
measures of speech fluidity can best account for what
happens in L2 speech. Research has relied on about
23 different measures to account for fluidity [14] [23].
[24] narrowed these down to four core measures of
fluency: syllable run (SyllR=mean number of
syllables articulated between silent pauses),
phonation run [s] (PhonR=mean speech time between
silent pauses), syllable duration [ms] (SyllD=mean
syllable duration), and silent pause duration [s]
(SPauD=mean silent pause duration). [24] discarded
articulation rate (SyllAR=syllables articulated per
phonation minute) and silent pause rate
(SPauR=silent pauses per phonation minute),
although these measures have been widely used both
in SFL studies and phonological research into speech
tempo with somewhat consistent results. Some
studies also suggest that SyllAR correlates highly
with fluency judgements [6], especially for beginner
learners [5]. In terms of breakdown fluency, shorter
SPauD has been said to account for more ‘fluent’
speech [27] with longer SPauD reflecting a higher
cognitive load for speech production [26].
In order to decide which measures of SLF can
provide the most accurate account of speech fluidity,
[23] suggested cross-linguistic analyses where
measures of speakers’ L1 are contrasted with
measures of their L2. However, there are issues with
the operationalization of the measurements used in
SLF studies. Firstly, two typologically different
languages cannot be compared unproblematically
using syllables as an underlying unit. This is
especially true in the case of English vs Spanish,
where the former allows for syllables with several
elements while the later favours the CV structure.
Hence, comparing articulation rates across languages
may render ‘inflated’ results which may make one
language seem inherently faster than the other [22].
Secondly, the use of pauses has been found to be
idiosyncratic in different languages and speakers [3]
[21], and it seems that SPauD is not as important for
fluent L2 speech as is the distribution of these pauses.
[11] proposed looking at the effects of dysfluent
pauses, that is, those not occurring at constituent
boundaries, as this type of pause may be a better
reflection of the cognitive load of a task than SPauD.
A final issue is that SLF studies have not addressed
the effects of language-specific prosodic1 features on

syllable length, hardly ever looking into how lexical
(lexical stress) and post-lexical (accent) prominence
can be related to fluency (except for [10] and [15]).
One phenomenon which has not been addressed is
pre-boundary lengthening (PBL). Segments in a word
at constituent boundary tend to be longer than if the
same segments occur in phrase-medial position [4].
Lengthening has been found to occur both in the final
syllable of an IP and in initial stressed syllable of the
word. This seems to be a near universal phenomenon
as it is found in most languages [9], but its phonetic
implementation (i.e., the amount of lengthening)
differs across them [18]. For example, PBL is known
be less pronounced in Spanish than in English [18]
[19]. Therefore, SyllD and SyllAR scores may be
skewed by the effects of PBL on syllable duration due
to the difference of implementation across languages.
With this in mind, the present study attempts to:
 Determine whether segments rather than
syllables are more appropriate as the underlying
unit for the operationalization of speech fluidity
in cross linguistic studies.
 Explore pause phenomena in Spanish and
English.
 Explore the relationship between prosodic
durational cues and speech fluidity.
One underlying objective of this study is to
incorporate a phonetics-phonology interface into the
study of L2 utterance fluency by looking at phonetic
implementation of phonological structures. For
example, this study acknowledges that the two
languages have different segmental inventories and
syllable formation processes, and these can impact
measures of speech fluidity. For PBL, this study looks
at how (and if) it is implemented in both languages
and whether this implementation has any effect on
SLF. A final objective of the study would be to
explore the under-documented L2 English production
of Chilean Spanish speakers in terms of SLF.
2. METHODOLOGY
2.1. Participants

The participants were six Chilean Spanish speakers of
L2 English (3 females and 3 males, age M=32). All of
them had an undergraduate degree, they had lived in
Australia for an average of 28 months, and their
proficiency levels ranged from upper intermediate to
advanced2. They started learning English during high
school as an additional subject, with some training
during university. They reported using English in
Australia in education and work contexts, mostly in
interactions with other L2 speakers.
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2.2. Methods

The participants were recorded performing two tasks,
both in English and in Spanish. The first was a
reading task and the second was a story retelling task
where the participants were provided with two stories
controlled for cognitive load in terms of the number
of characters and plot complexity [17], which they
had to narrate in their own words. The audio samples
were recorded using the software Samplitude ProX
and Charter Oak E700 condenser microphones. These
were then processed using WebMAUSBas [13] for
automatic segmentation of speech and the alignment
of syllables and segments were then manually
checked and corrected using the software Praat. The
number and duration of segments, syllables, and
pauses were extracted using a Praat script to obtain
measures of utterance fluency and lengthening.
Means, standard deviations and Pearson correlations
were calculated using IBM SPSS® Statistics v. 25.
2.1.1. Operationalization of measures
For utterance fluency, the measures chosen were
STR, SyllR, PhonR, SyllD, SPauD, SyllAR, and
SPauR. The study also proposed three new measures
using the same operationalization as SyllAR, SyllD,
and SyllR but using segment instead of syllables:
segment articulation rate (SegAR=segment per
phonation minute), segment duration (SegD=mean
segment duration), and segment run (SegR=mean
number of segments articulated between silent
pauses). These were introduced to explore whether
segments were a more appropriate underlying unit
than syllables when comparing Spanish and L2
English spoken production.
For pauses, the criteria for cut-off was any silent
pause over 100 [ms] which was not an articulatory
pause. This choice was made based on [2] who
noticed a peak in the presence of brief pauses from
100-150 [ms] both in English and in Spanish. This
threshold is much lower than the one usually used in
SFL studies, but the cut-off point in previous research
has normally been based on researchers’ intuitions
rather than theory [12, 24]. The study also
differentiated between fluent (FlPauN) and dysfluent
pauses (DysPauN) in the analysis.
Syllables were divided following syllabification
rules for Spanish and English. For example,
consonants in coda position in Spanish were placed in
the onset of the following syllable as the language has
a preference for open syllables. Pre-boundary
lengthening was measured at the level of the
Intonation Phrase (IP) before a constituent boundary
marked by a pause. These measures were divided into
two groups: syllables bearing the pitch accent in the

IP (labelled AccPBS), and those placed before the IP
boundary, but not bearing the pitch accent (labelled
UnPBS). This was done to avoid confounding the
effect of accentual prominence on final syllable
duration.
3. RESULTS AND DISCUSSION

speech fluidity and STR3 reveal that the measures
created for this study using segments are highly and
significantly correlated to STR, where the
correlations were more robust than for measures
using syllables (SyllAR RS=.416, p=.043 vs. SegAR
RS=.487, p=.016; SyllR RS =.662, p=.001 vs. SegR
RS=.684, p <.001).

3.1. Measures for speech fluidity

3.2. Pause duration and distribution

Table 1 presents a comparison between SyllAR and
SegAR, where ‘percentage of increase’ column
(Incr.) shows how much these measures increase
when comparing Spanish and L2 English samples. As
can be seen, measures in Spanish were always higher
suggesting that participants spoke ‘faster’ in their L1
than the L2. But the differences between Spanish and
L2 English were narrower when looking at SegAR
instead of SyllAR. This suggest that SyllAR renders
‘inflated’ results in the L1, which could lead to the
interpretation of them being much ‘slower’ (and
therefore, less fluent) in their L2.

When comparing the use of pauses, duration and
distribution seemed to be related to the type of task
being performed4. Pauses in Spanish were longer than
in L2 English in story retelling and very similar in
length in the reading task, as can be seen in Table 2.
These results seem counterintuitive considering that
story retelling is more cognitively demanding than
reading. It could be concluded that speech style has a
considerable effect on the use of pauses and that style
is idiosyncratic to the languages under study.
Table 2: Number of silent fluent and dysfluent
pauses, and means of silent pause duration
presented by task (reading task (RT), story retelling
(SR)) and language.

Table 1: Syllable articulation and segment
articulation rates for both languages in the reading
task, presented by speaker (P#) and language.

FlPauN

P1
P2
P3
P4
P5
P6

Lang.
EN
SP
EN
SP
EN
SP
EN
SP
EN
SP
EN
SP

SyllAR
310.588
415.949
321.376
517.352
305.885
459.596
353.102
494.110
278.991
441.338
245.283
396.354

Incr.
25%
38%
33%
29%
37%
38%

SegAR
751.059
940.406
802.467
1169.666
749.790
1032.673
863.839
1135.203
693.251
1011.513
614.702
898.068

Incr.
20%

Task

Lang

RT
SR

31%
27%
24%
31%
32%

However, a closer look into measures for SegD
reveals that these figures are still not reliable enough
for cross-linguistic studies. SegD is always smaller in
Spanish (SegD for Spanish in the reading task
M=.059, SD= .006; for the story retelling task
M=.074, SD=.006; for L2 English in the reading task
M=.081, SD=.010; for the story retelling M=.091,
SD=.011) which may be explained by the fact that
there is no phonemic length distinction for vowels in
the language. Though SegD may not be the most
accurate measure, segments might still be a more
valid unit when comparing English and Spanish than
syllables. Pearson correlations between variables of
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DysPauN

SPauD

M

(SD)

M

(SD)

M

(SD)

EN

25.83

11.14

5.33

4.76

0.35

0.05

SP

15.33

1.75

0.33

0.52

0.34

0.05

EN

31.16

6.49

8.50

2.35

0.55

0.12

SP

23.00

5.93

3.67

2.07

0.70

0.12

The correlations between SPauD and type of task5
in the L1 (RS=-.908, p < .001) and in the L2 (RS=.782, p=.003) show that pauses in this sample were
shorter in the reading task but this difference in length
was more significant in Spanish. These results seem
to reinforce the fact that speaking style is more
relevant than cognitive load when it comes to pause
duration. Conversely, the number of pauses produced
in the different tasks, especially DysPauN, may be a
better indicator of the cognitive load of the task than
SPauD, given a more frequent occurrence of these in
English and even more so in the story retelling task.
Added to this, several dysfluent pauses in were found
in the 100-250 [ms] (i.e., brief pause) range, pointing
to the need of including brief pauses in SLF studies.
3.2. Pre-boundary lengthening

In the reading task6 in English, AccPBS were the
longest for all speakers (M=.292, SD=.059), while
UnPBS were the shortest (M=.153, SD=.027) even
when compared to SyllD (M=.201, SD=.026). A

possible conclusion is that participants can imitate
prosodic features of the L2 implementing length as a
marker for post-lexical accent in pitch accented
syllables but not for PBL in syllables at IP boundary,
even though this is a salient feature in L1 English. In
Spanish, length was not consistently implemented
neither for marking post-lexical accent nor to signal
constituent boundaries. This is in line with previous
studies where duration is not systematically used in
Spanish to cue post-lexical accent or PBL [1] [20].
Figures 1 and 2 show the results for two participants
with the lowest (P4) and the highest (P6) proficiency.
AccPBS were longer than UnPBS and SyllD for both
speakers in L2 English. These figures illustrate the
use of length as a cue to post-lexical accent more than
as a marker of IP boundaries. The results for Spanish
show high variability between speakers, pointing to
the aforementioned lack of consistency in the
implementation of length7
Regarding the presence of PBL as a marker of
speech fluidity, in the L2 samples AccPBS length
highly correlated with PhonR (RS=-.716, p=.009),
which could mean that longer runs result in longer
accented syllables. UnPBS, on the other hand,
correlated highly with SPauD (RS=.807, p=.002),
meaning that syllables are longer before longer
pauses. These results suggest that there is a
relationship between syllable lengthening and speed
and breakdown fluency, and this cannot really be
explained by PBL in this sample. Moreover, in
Spanish AccPBS and UnPBS (and even SyllD) were
negatively correlated to both SyllAR and SegAR,
meaning that syllable lengthening in Spanish is
susceptible to speed more than any other factor,
reinforcing the idea that there is something in final
lengthening in L2 English which is specific to this
language and may, in some way, be related to speech
fluidity.
Figure 1: Clustered boxplot for AccPBS, UnPBS
and SyllD (in seconds) for participant 4, reading
task in English (P4(E)) and Spanish (P4(S)).
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Figure 2: Clustered boxplot for AccPBS, UnPBS
and SyllD (in seconds) for participant 6, in the
reading task in English (P4(6)) and Spanish (P6(S)).

4. CONCLUSIONS
This study proposes a revision of the measures used
to measure utterance fluency (speech fluidity) in SLF
studies. This cross-linguistic analysis relied on the
phonetics-phonology interface, looking at what
makes the two languages different at the phonological
level, how this is implemented phonetically, and
whether this implementation has any effect on
measures of speech fluidity. From a closer look into
syllables in both languages it was evident that this
unit of analysis was problematic. Although far from
conclusive, the study does offer evidence to call for a
revision of the operationalization of speech fluidity
measures.
SLF in terms of speed seems to be dependent on
the speakers’ style, but it is hard to find unequivocal
support for this with the current range of measures. In
the study, pause length was mostly idiosyncratic. It
may be that the number of dysfluent pauses could
reveal more about SLF than the length of these.
Finally, syllable lengthening appears to relate to
measures of speed and breakdown fluency in L2
English, although it appears that this may be
influenced by some other factor than the marking of
prosodic boundaries Despite the small sample size,
these findings emphasise the need to revisit the way
in which speech fluidity is measured. The next steps
in this study are to include a larger number of
participants, as well as to conduct further work to find
measures that can better account for temporal
phenomena in terms of speed, pause, and duration in
SLF. This is especially relevant for cross-linguistic
studies if researchers are to identify which measures
account exclusively for phenomena in L1 speech.
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but these mostly contained /s/ or the aspirated version of /s/
in coda position, which were lengthened by this speaker.
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ABSTRACT
This study contributes to our understanding of two
questions. Is global phonation (voice quality) affected
by menstrual hormonal changes? Are the phonatory
characteristics of phonologically voiced obstruents
affected by menstrual hormonal changes? The paper
presents a case study of 1 female recorded on a daily
basis for a period of nine months. The material
enabled analyses of global breathiness and other
phonatory features of naturally produced vowels of
Czech, and sustained vowels, and analyses of
phonatory aspects of four Czech obstruents (/ʒ/, /ɦ/,
/r̤/, [ʔ]). We find that global phonation is minimally
affected by menstrual hormonal changes. Crucially,
however, the phonatory properties of the obstruents
can be subject to the effects of the menstrual cycle.
Further research needs to establish how frequently
this is observed in the general population.
Keywords: breathiness, voicing,
menstrual cycle, phonation.

glottalisation,

1. INTRODUCTION
There is some research that shows a. that female
voices are perceived as more attractive when the
conception probability increases [25], and b. that at
least in the western world breathiness can function as
a correlate of femininity and/or attractiveness [10, 12,
21]. This could originate in biomechanical biases:
voice quality (global phonation) can be affected by a
range of hormonal changes and, for these reasons, the
larynx is sometimes considered a secondary sexual
organ [2-3, 6, 10, 12]. Among these effects are also
hormonal changes associated with the menstrual
cycle. Interestingly, Premenstrual Syndrome (PMS)
affects the cervix and the vocal folds in a comparable
manner, and these physiological effects are also
reflected in phonation [1]. More specifically, PMS
can be associated with perceived breathiness [9] and
higher jitter, and jitter can also be higher during
ovulation [26]. Shimmer and HNR can, on the other
hand, show the lowest values during ovulation [26].
Females who suffer from Premenstrual Voice
Syndrome, and professional singers, are more likely
show effects of menstrual hormonal changes on
phonation [13, 19].
2630

Whilst the existing studies point to the menstrual
cycle having an effect on phonation premenstrually
and during ovulation, they do not straightforwardly
suggest that ovulation, as well as the period just
before menstruation itself, should necessarily be
associated with increased breathiness, as jitter and
shimmer differences can reflect other aspects as well.
Could such effects of the menstrual cycle extend
to other phenomena whose production relies
primarily on the larynx, and which contribute to the
phonetic implementation of phonological contrasts?
Indeed, [30-31] found that the contrastiveness of
VOT, whereby /p, t, k/ and /b, d, ɡ/ are distinguished
in English, is “enhanced at the high hormonal phase
of the menstrual cycle” [30, p. 21], by 1.39-3.51ms
(based on [30, p. 22]). In this light, the present study
asks the following questions:
• Is global phonation affected by menstrual
hormonal changes?
• Are the phonatory characteristics of obstruents
affected by menstrual hormonal changes? If so,
are the effects bigger for allophonic rather than
phonemic categories?
Although the first question has been asked
previously (see above), the focus across studies is not
always on the same phases of the cycle, nor is the
cycle divided into comparable periods across studies.
Furthermore, the calculation of the relevant phases
also tends to differ, as do assumptions as to how long
a cycle of a healthily menstruating female is. This
makes a direct comparison of the available studies
somewhat challenging (A bit more on this in 2.7.).
2. METHODOLOGY
2.1. Subject

The author conducted a case study of 1 female (F)
who met the criteria of a suitable subject:
•
•
•
•
•
•

F is a healthily menstruating female
F has never been on contraceptives or any
hormonally based medication
F has never been pregnant or lactating
F has never smoked
F does not drink alcohol
F was not aware of the number and the
characteristics of the menstrual phases during

•
•
•

the recording stage of the project; this factor
cannot be underestimated, since F is the author
of this case study; I only consulted the literature
on the individual phases after data collection
F does not have any known allergies
F is not a professional singer
F is not aware of suffering from PMS

F was 29 years old during the data collection (2017).
2.2. Recording procedure

F was recorded once a day for a period of time which
resulted in 262 successful recording days. The
recording did not take place when F suffered from a
cold, could not participate, forgot, felt unusually
fatigued, was exposed to cigarette smoke, or due to
technical issues. F was recorded wearing the headmounted AKG C520 microphone in conjunction with
H5 Zoom recorder.
2.2. Materials

F was recorded producing the following:
•
•
•

phonologically short vowels of Czech twice
during each session ([a], [ɛ], [ɪ], [o ~ ɔ ~ ɒ], [u])
phonologically long vowels of Czech sustained
for 5s and for maximum phonation time ([aː],
[ɛː], [iː], [o ~ ɔ ~ ɒː], [uː])
the sentence Řekni, řekni, Řehoři, že v řece plují
úhoři. “Say, say, Gregory, that there are eels
swimming in the river.”

The sentence contains 6 instances of /r̤/, and 1
instance of /ʒ/, /ɦ/, and [ʔ] each. This yielded a corpus
of 2606 short vowels, 1283 sustained long vowels,
1293 long vowels sustained for 5s, 1564 /r̤/’s, 260
/ʒ/’s, 517 /ɦ/’s, and 260 [ʔ]’s. These obstruents differ
in their phonological characteristics. Firstly, voicing
is a very important cue of the /ʒ/-/ʃ/ contrast (although
see [22]). /ɦ/ is traditionally described as voiced, but
importantly it does not contrast with */h/ in Czech. /r̤/
has a voiced as well as a voiceless allophone ([16],
see also [15]). [ʔ] is found word-initially when the
first segment is a vowel (e.g. úhoři) and is not
considered contrastive (Although compare Byla
naivní “She was naive” [naɪvɲiː] with Já byl na i v ní
“I was both on and in her” [naʔɪvɲiː] [18]).
2.3. Segmentation of vowels

Each vowel was segmented manually in Praat [5].
The onset of the vowel was established as the onset
of energy increase, caused by one or more of the
following: periodic signal commences, vowel-initial
glottalisation (glottal attack) commences, glottal
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friction commences. The offset of the vowel was
established as the offset of energy present in the
signal. This could be the end of periodic signal,
glottalisation, and voiceless glottal friction. However,
a more detailed segmentation was carried out on top
of this basic segmentation. Firstly, any instances of
glottalisation (see 2.4.), voiceless glottal friction, and
periodic intervals within the vowel were annotated.
This was done in order to establish to what extent any
potential variation in breathiness is due to variation in
the periodic part of the vowel.
2.4. Glottalisation

Glottalisation was defined either as irregular vocal
fold vibration, visible in the signal as an interval of
irregularly timed glottal pulses, or as an interval of a
sudden drop of f0.
2.5. Breathiness

Breathiness was quantified via Cepstral Peak
Prominence (CPP [e.g. 8, 14]) in VoiceSauce [27-28]
and Matlab [23]. This measure was selected because
it has been found to be a very reliable correlate of
perceived breathiness [14]. The lower the CPP, the
breathier the signal. Only the mean CPP results are
reported a. for the entire vowel interval (including
glottalisation and voiceless friction) and b. for only
the periodic interval of the vowel. If interested in
more details, contact the author.
2.6. Obstruent voicing

/ʒ/ was identified on the basis of the onset and offset
of oral friction, present in higher frequencies in case
of this fricative. This was also one of the criteria used
to identify the onset and offset of /r̤/; however,
utterance initially, occasionally the onset of the oral
friction followed the onset of voicing. In these cases,
it was the onset of voicing that was used to establish
the onset of the fricative. /ɦ/ was the most difficult
obstruent to segment: F’s phonation is fairly breathy
and the vast majority of her /ɦ/’s are voiced.
As shown in Fig. 1., the presence of voicing in
these two obstruents was established on the basis of
the onset of a quasi-sinusoidal shape of the waveform.
Raw duration of voicing was extracted in Praat, and
normalised as a proportion of the obstruent interval
(e.g., 65% of obstruent X is voiced, and 65% may
present one uninterrupted interval of voicing or a sum
of e.g. two intervals of voicing that are separated by
an interval where no voicing takes place).

phase vs ovulation: β = -0.1454, SE = 0.12157, t = 1.196, p = 0.232; follicular phase vs luteal phase: β =
0.1323, SE = 0.0422, t = 3.135, p < 0.01).

Figure 1: Identifying voicing in obstruents.

Figure 2: CPP (entire vowel) and ovarian phases.

In addition, analyses of the realisation of the V+V
[ʔ] were also carried out. Three realisations were
distinguished: a. absence of glottal stop; b. periodic
creak (i.e. drop in f0, but not absence of periodicity);
and c. aperiodic creak (i.e. both drop in f0 as well as
absence of periodicity).
2.7. Menstrual cycle phases

The three ovarian menstrual phases were of interest
in this study: the follicular phase, ovulation, and the
luteal phase. The number of phases to work with does
not seem to have been agreed on in the literature,
however [e.g. 24, pp. 87-93, 25-26; 9, pp. 190].
Furthermore, not all researchers approach ovulation
as lasting e.g. 1 day (e.g. [17, p. 53]). The overview
of F’s menstruation and the calculations can be found
here: https://tinyurl.com/y5fh8mcz. Table 1 shows
the number of segments available per phase:

3.2. /ʒ/ voicing

Table 1: Number of vowels and obstruents by
ovarian phase.

Follicular
2,375
247
124
749
124

Luteal
2,657
254
128
767
128

48% of /ʒ/ is voiced in the follicular phase, 47% in the
luteal phase, and 36% in the ovulatory phase (Fig. 3).

Ovulation
161
16
8
48
8

Figure 3: Voicing in /ʒ/ and ovarian phases.
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3. RESULTS
Graphs and statistical analyses were done using R
with RStudio [29], with the following packages: lme4
[4], lmerTest [20], effects [7]. In the statistical
analyses, menstrual phase was a fixed effect,
recording day was a random effect, and the dependent
variable was (sub)segment specific.
3.1. Global phonation

Fig. 2 shows that ovulation is associated with the
lowest CPP values, i.e. with the highest breathiness,
and the luteal phase is the least breathy. However,
only the latter comparison is confirmed by the
statistical analyses (all comparisons of vowels with
short /a/ were significant (p < 0.0001); follicular
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voicing (proportion)

Segment
Vowel
/ɦ/
/ʒ/
/r̤/
[ʔ]

In contrast, although visual inspection reveals that
ovulation is still associated with the lowest CPP
across vowels when only periodic portions are
analysed, this is not confirmed by the statistical
analyses, which show an effect of the segment, but
not that of menstrual phase (all comparisons of
vowels with short /a/ were significant (p < 0.0001);
follicular phase vs ovulation: β = -0.12083, SE =
0.13005, t = -0.929, p = 0.353; follicular phase vs
luteal phase: β = -0.0514, SE = 0.05064, t = -1.015, p
= 0.31).

45
40
35
30
25
20
follicular

luteal

ovulation

ovarian phases

Although this visual inspection confirms the
hypotheses, the results are not confirmed by the
statistical testing (follicular vs ovulatory phases: β =
-11.769, SE = 8.079, t = -1.457, p = 0.146; follicular
vs luteal phases: β = -0.233, SE = 2.791, t = -0.083, p
= 0.934). This may be due to the low number of data
points for ovulation.

3.3. /r̤/ voicing

Figure 5: Phonetic types of [ʔ] and ovarian phase.

33.03% of /r̤/ is voiced in the follicular phase,
34.82% in the luteal phase, and 25.52% in the
ovulatory phase (Fig. 4).
Figure 4: Voicing in /r̤/ and ovarian phase.
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The visual inspection as well as the statistical
analyses reveal that the phoneme is realised with less
voicing during ovulation than the other two phases
(follicular vs luteal phases: β = 1.7897, SE = 1.1988,
t = 1.492, p = 0.1357; follicular vs ovulatory phases:
β = -7.5074, SE = 3.4746, t = -2.161, p < 0.05).
3.4. /ɦ/ voicing

As could be expected in case of word-internal
intervocalic /ɦ/, the vast majority of the cases are
indeed fully voiced. The devoiced instances are
associated with the follicular and the luteal phases:
99.68% of /ɦ/ is voiced in the follicular phase,
98.86% in the luteal phase, and 100% in the ovulatory
phase. The statistical analyses not surprisingly reveal
no significant differences between the phases
(follicular vs luteal phases: β = 0.812, SE = 0.4463, t
= 1.82, p = 0.0694; follicular vs ovulatory phases: β
= 1.1367, SE = 1.2883, t = 0.882, p = 0.378), although
the comparison between the follicular and luteal
phase approaches significance, with the follicular
phase showing least voicing.
3.5. Implementation of V+V [ʔ]

Úhoři occasionally does not show any V+V [ʔ]: 2%
of cases occur in the follicular phase, 3% of cases in
the luteal phase, and none during ovulation.
Interestingly, aperiodic creak occurs more frequently
during ovulation (71%) than during the follicular
phase (50%) and the luteal phase (45%). These trends
can be seen in Fig. 5. However, the statistical analysis
does not suggest a significant effect of the ovarian
phase on the realisation of glottalisation (follicular vs
luteal phases: β = 0.1944, SE = 0.278, z = 0.698, p =
0.485; follicular vs ovulatory phases: β = -0.9248, SE
= 0.87, z = -1.063, p = 0.288).
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This study has asked two questions. Firstly, is global
phonation affected by menstrual hormonal changes?
We find that the vowels produced by F are visually
the breathiest during ovulation as opposed to the
follicular and the luteal phases. However, this is not
exactly borne out by the statistical analyses: it is only
when the entire vowel (including glottalisation and
voiceless glottal friction) is included in the analyses
that the follicular phase emerges as significantly
conditioning more breathiness than the luteal phase,
but no differences vis-à-vis ovulation are significant.
Secondly, are the phonatory characteristics of
obstruents affected by menstrual hormonal changes?
Yes, phonatory properties of obstruents can be
affected by the menstrual cycle. Namely, differences
may be observed between the ovulatory phase in
contrast to the follicular and luteal phases.
Finally, I asked whether any potential effects
related to phonatory properties of obstruents are
bigger for allophonic rather than phonemic
categories. It is indeed /r̤/ whose voicing
characteristics are significantly affected by menstrual
phase: the amount of voicing produced in this
consonant is the least during ovulation as opposed to
the follicular and luteal phases. Whilst the visual
inspection of the voicing properties of /ʒ/ show a
similar trend, this is not confirmed by the statistical
analysis. However, this may be due to the fact that
although 48 /r̤/’s were collected during the ovulation
phase, only 8 /ʒ/’s were. Finally, visual inspection
suggests that a V+V glottalisation may be more
aperiodic during the ovulation phase, although this is
again not confirmed by the statistical analysis.
In line with [30-31] I conclude that investigating
the role of the menstrual cycle in the variation found
in (sub)segmental laryngeal phenomena is an
interesting and potentially important avenue to
pursue. Future research in this area however has to
address the diversity of approaches to establishing the
phases of the cycle, and crucially needs to target a
large portion of the general population, and a range of
languages.

5. REFERENCES
[1] Abitbol, J., Abitbol, P., Abitbol, B. 1999. Sex
hormones and the female voice. Journal of Voice 13, 3,
424–446.
[2] Abitbol, J., de Brux, J., Millot, G., Masson, M.-F.,
Mimoun, O. L., Pau, H., Abitbol, B. 1989. Does a
hormonal vocal cord cycle exist in women? Study of
Vocal Premenstrual Syndrome in voice performers by
videostroboscopy-glottography and cytology on 38
women. Journal of Voice 3, 2, 157–162.
[3] Amir, O., Biron-Shental, T. 2004. The impact of
hormonal fluctuations on female vocal folds. Current
Opinion in Otolaryngology & Head and Neck Surgery
12, 3, 180–184.
[4] Bates, D., Maechler, M., Bolker, B., Walker, S. 2014.
lme4: Linear mixed-effects models using Eigen and S4.
R
package
version
1.1-7,
http://CRAN.Rproject.org/package=lme4.
[5] Boersma, P., Weenink, D. 1992-2017. Praat: doing
phonetics by computer. 6.0.25.
[6] Collins, S. A., Missing, C. 2003. Vocal and visual
attractiveness are related in women. Animal Behaviour
65, 997–1004.
[7] Fox, J., Weisberg, S., Friendly, M., Hong, J., Andersen,
R., Firth, D., Taylor, S., R Core Team. 2017. Package
“effects”. Effect Displays for Linear, and Other
Models.
Version
4.0-0,
https://cran.rproject.org/web/packages/effects/ effects.pdf.
[8] Fraile, R., Godino-Llorente, J. I. 2014. Cepstral Peak
Prominence: a comprehensive analysis. Biomedical
Signal Processing and Control 14, 1, 42–54.
[9] Gunjawate, D. R., Aithal, V. U., Ravi, R., Venkatesh,
B. T. 2017. The effect of menstrual cycle on singing
voice: a systematic review. Journal of Voice 31, 2, 188–
194.
[10] Hall, K. 1995. Lip service on fantasy lines. Om: Hall,
K., Bucholtz, M. (eds), Gender Articulated: Language
and the Socially Constructed Self. NY: Routledge,
183–226.
[11] Hejná, M. 2018. Can menstrual hormonal changes
affect global as well as local laryngeal phenomena?
Poster presentation, Colloquium of the British
Association of Academic Phoneticians, Canterbury,
2018,
https://misprdlina.files.wordpress.com/2018/04/baap2
018a1.pdf
[12] Henton, C. G., Bladon, R. A. W. 1985. Breathiness in
normal female speech: inefficiency versus desirability.
Language & Communication 5, 3, 221–227.
[13] Higgins, M. B., Saxman, J. H. 1989. Variations in
vocal frequency perturbation across the menstrual
cycle. Journal of Voice 3, 3, 233–243.
[14] Hildenbrand, J., Klatt, L. C. 1994. Analysis, synthesis,
and perception of voice quality variations among
female and male talkers. J. Acoust. Soc. Am. 87, 2, 820–
857.
[15] Howson, P., Komova, E., Gick, B. 2014. Czech trills
revisited: an ultrasound EGG and acoustic study. JIPA
44, 2, 115–132.
[16] Isačenko, A. V. 2013. O akustice české hlásky Ř.
Linguistica Online. October 9. 2013.

2634

[17] Knight, J. 2017. The Complete Guide to Fertility
Awareness. London & New York: Routledge.
[18] Klus, T. 2011. Sibyla. Racek [Album]. Sony Music.
[19] Kunduk, M.; Vansant, M. B., Ikuma, T., McWhorter,
A. 2016. The effects of the menstrual cycle on vibratory
characteristics of the vocal folds investigated with
high-speed digital imaging. Journal of Voice 31, 2,
182–187.
[20] Kuznetsova, A. 2015. lmerTest: Tests in Linear Mixed
Effects Models. Version 2.0-25, http://cran.rproject.org/web/ packages/lmerTest/index.html.
[21] Liu, X., Xu, Y. 2011. What makes a female voice
attractive?. Proc. 17th ICPhS Hong Kong, 1274–1277.
[22] Machač, P. 2008. Desonorizace českých
intervokalických frikativ. Acta Universitatis Carolinae
– Philologica / Phonetica Pragensia 11, 1–12.
[23]
Matlab.
2016.
https://www.mathworks.com/products/new_products/r
elease2016b.html.
[24] Paige, K. E., Magnus, E., Hahn, S., Carrie, C. 1985.
The Female Reproductive Cycle. An Annotated
Bibliography. Boston: G.K. Hall & Co.
[25] Pipitone, R. N., Gallup, G. G. 2008. Women’s voice
attractiveness varies across the menstrual cycle.
Evolution and Human Behavior 29, 4, 268–274.
[26] Raj, A., Gupta, B., Chowdhury, A., Chadha, S. 2008.
A study of voice changes in various phases of menstrual
cycle and in postmenopausal women. Journal of Voice
24, 3, 363–368.
[27] Shue, Y.-L. 2010. The Voice Source in Speech
Production: Data, Analysis and Models. PhD thesis,
UCLA.
[28] Shue, Y.-L., Keating, P., Vicenik, C., Yu, K. 2011.
VoiceSauce: a program for voice analysis. Proc. 17th
ICPhS Hong Kong, 1846–1849.
[29] Team, R Core. 2014. R: A language and environment
for statistical computing http://www.R-project.org/,
http://www.rstudio.com.
[30] Wadnerkar, M. B., Cowell, P. E., Whiteside, S. P.
2006. Speech across the menstrual cycle: a replication
and extension study. Neuroscience Letters 408, 21–24.
[31] Whiteside, S. P., Hanson, A., Cowell, P. E. 2004.
Hormones and temporal components of speech: sex
differences and effects of menstrual cyclicity on
speech. Neuroscience Letters 367, 44–47.

PREDICTABILITY OF PLOSIVE REDUCTION FROM WRITTEN TEXT IN
ESTONIAN
Liis Ermus1,2, Meelis Mihkla1
1

Institute of the Estonian Language, Estonia, 2University of Tartu, Estonia
liis.ermus@eki.ee, meelis.mihkla@eki.ee

ABSTRACT
The article presents the results of the pilot study of
research on coarticulation of short plosives in read
Estonian. In it the authors try to elucidate
correspondences between reduction patterns in
speech that influence closure and burst of short
plosives and features in written text. Analysis
revealed extensive voicing of all plosives that was
affected by segmental context and position. Burst
phase was usually retained; reduction was more
affected by positional parameters. Possible effect on
speaking rate also occurred.
Keywords: plosives, coarticulation, allophonic
variation, Estonian
1. INTRODUCTION
1.1. Coarticulation of plosives

Reduction due to coarticulation seems to be a
universal tendency. Coarticulation is influenced by
many factors such as speech situation, speech tempo,
word frequency, prosodic structure of the utterance,
phonetic environment, position of the sound in the
word etc. [10, 17]. Reduction is commonly
associated with everyday speech but also occurs in
journalistic speech [3, 11].
Plosives differ from other consonants because
their pronunciation cannot be viewed as static.
Plosives consist of three phases: implosion –
forming the closure, occlusion – holding the closure,
and explosion or burst – opening the closure. Burst
is characterised by voice onset time (VOT) –
duration between the start of the explosion phase
and the beginning of the voiced vibration or the reemergence of harmonic vibration [5].
Voicing of plosives is often studied with other
obstruents, which show similar patterns [6].
Voiceless plosives tend to get voiced in voiced
environment and vice versa. More variation occurs
in word-medial position and in languages that do not
have voicing contrast [13]. In the case of partially
voiced obstruents, voicing occurs mostly at the
beginning of a sound, when voicing is carried on
from the preceding sound, or at the end of a sound
when voicing of the next sound starts during the
closure [6].
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Plosives can lose their characteristic burst phase.
The loss of burst is usually observed in spontaneous
speech and is mostly found in voiced plosives [7] in
the word-medial position but also occurs in voiceless
plosives, often accompanying voicing [9, 21].
1.2. Plosives in Estonian

Estonian has four plosive phonemes: bilabial /p/,
alveolar /t/, palatalised alveolar /tʲ/ and velar /k/.
Phonologically, Estonian plosives are voiceless and
unaspirated; aspiration can occur utterance-finally.
Word-medial and word-final plosives can occur in
three quantity categories: short, long and overlong
(spelt with letters b, d, g; p, t, k; and pp, tt, kk
respectively) [2]. Word-initial plosives are similar in
duration to short word-medial plosives [8] and in
connected speech act similarly in voicing patterns
[1, 9].
Pronunciation of plosives in connected speech in
Estonian is very varied. In the Phonetic Corpus of
Estonian Spontaneous Speech 44% of plosives are
marked as voiced [20]. Increase of voicing in wordmedial position has been noted already in [1]. Loss
of burst has been found to occur in between 5.9% of
tokens in read speech [19] and about 40% in
spontaneous speech [9]. Velar /k/ stands out, with
loss of burst in 25.9% tokens in read speech [19] and
58% in spontaneous speech [9]. Durations of both
the word-initial and word-medial plosives tend to be
significantly longer in contrastively accented words
in read speech [19], but not in spontaneous speech
[9].
1.2. Aims of this study

This research analyses the contextual dependence of
allophones of Estonian plosives (voiceless vs.
voiced, with burst vs. burstless) and estimates the
strength of prediction of models for predicting
allophonic variants based on textual features. The
final purpose is to add allophonic variants of
plosives to statistical-parametric models of Estonian
text-to-speech synthesis (TTS) and therefore to TTS
applications [16]. The development of TTS depends
on consideration of allophonic variation, and on how
the orthography of a language relates to its
phonology [12, 18]. Taking the coarticulation of

plosives into consideration and predicting their
allophonic variation helps to enhance the variation
and therefore naturalness of synthetic speech.
We formulated the following hypothesis based on
our aims and previous research:
H: It is possible to predict plosive reduction in
speech
using
features
of
written
text.
Research questions:
Q1: How do contextual and phrasal features
influence the pronunciation of plosives in
continuous speech?
Q2: What features have most influence on reduction
of the pronunciation of plosives?

3. RESULTS
3.1. Allophonic distribution

Four allophonic structures occurred frequently: fully
voiceless with burst, partly voiced with burst
(PrtVoiced), fully voiced with burst, fully voiced
burstless (RedVoiced). Total loss and fricativisation
also occurred in small frequencies. An example of a
partly voiced /p/ is given in Figure 1.
Figure 1: Partly voiced allophone of /p/ in word
läbi ‘through’. Asterisk * notes burst.

2. MATERIAL
The recorded material consisted of four short news
stories read alternately by male and female news
announcers, lasting 6 minutes and 13 seconds in
total. News texts were chosen because the final
purpose is to use the results to enhance synthetic
speech. As TTS applications are often used for
reading news texts it seems reasonable to use similar
texts in analysis and modelling.
News texts contain large amount of dates,
numbers, foreign words and names and may contain
long utterances. The median length of utterance in
our sample was 8 words (range: 1-18).
For analysis we chose short plosives in all word
positions adjacent to sonorants on both sides or to a
sonorant and a pause. A total of 512 tokens were
analysed, 262 from the male speaker and 250 from
the female speaker. Average speaking rate was 5.1
syllables per second for the male speaker and 4.4
syl/sec for the female speaker.
The voiced and voiceless parts and burst phases
of plosive tokens were annotated manually using
Praat [4].
Features that can be obtained from written text
were marked. They included position of the plosive
in the word, position of the word in utterance
(utterance corresponds to written sentence or subsentence), segmental context, parts of speech etc.
Speaker was also included. Inclusion of parts of
speech in the model was influenced by a study of the
lexical prosody of Estonian [15] that showed that
sounds were, on average, 10% longer in proper
names than in verbs and 10% longer in verbs than in
ordinals. This kind of change in speech tempo may
also influence coarticulation.
A summary of the features used is shown in
Table 1.
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The distribution of allophones is shown in Figure
2.
Figure 2: Distribution of allophones by phoneme.
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The proportion of voiceless tokens was greatest
for /k/ with about a third of all tokens. At the same
time /k/ also showed the greatest proportion, a fifth,
of voiced burstless (RedVoiced) tokens. Majority of
tokens for /p/ and /t/ were at least partly voiced but
retained burst phase which was reduced in less than
10% of the tokens.
The distribution of allophones according to position
in the word is shown in Figure 3. Almost 40% of
tokens in word-initial position were voiceless. Partly
voiced tokens occurred almost equally in all
positions. Voiced tokens were in majority in wordmedial and word-final positions. Word-medial
position had the highest proportion of burstless

tokens. Total loss occurred only in word-medial
position.
Figure 3: Distribution of allophones by position in
the word.
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3.3. Prediction models

Binary logistic regression models were fit for every
phoneme for voicing and for burst phase. Features
obtainable from written text were used as predictors;
they are listed in Table 1. The reference level was
post-pausal (i.e. phrase and word initial) voiceless
allophone with burst. For other predictors, most
frequent values were chosen for reference. Optimal
models were chosen by stepwise analysis.
Classification ability of the models was evaluated
using linear discriminant analysis run on the same
data set.
Table 1: Features used in prediction models.
Reference levels in models are in boldface.

3.2. Durations

Duration depended on plosive, the position of the
plosive in the word and the realised allophone
structure. Welch’s one-way ANOVA tests were
conducted to compare the duration differences.
The mean duration of /p/ was 66 ms; the mean
duration of both /k/ and /t/ was 59 ms. /p/ lasted
significantly longer than other plosives [F(1,
510)=13, p<0.01].
Figure 4: Durations of allophones

Segmental features
allophone
(voiceless, voiced;
with burst,
burstless)
preceding context
(pause, vowel,
sonorant
consonant)
following context
(pause, vowel,
sonorant
consonant)

Positional features
position of letter in
word (initial,
medial, final)

Other features
part of speech
(reference
Substantive)

number of the
letter-carrying
syllable in the word
from the first
position of the word
in utterance (initial,
medial, final)

foreign word
(yes/no)

compound word
(yes/no)

speaker (F, M)

3.3.1. Voicing
We were looking for parameters that influence the
reduction of the closure phase, making it partially or
fully voiced. Final models are presented in Table 2.
No model could be fit for /p/ because no significant
predictors emerged.
Table 2: Prediction models for voicing
Predictor

As Figure 4 shows, voiceless allophones had the
longest duration (mean 75 ms) and burstless voiced
allophones the shortest (46 ms). Two duration
subgroups were identified: voiceless and partly
voiced (mean durations over 70 ms) and both fully
voiced allophones (mean durations 50 ms and 46
ms). The duration difference between the groups
was statistically significant [F(1, 510)=307.65,
p<0.001].
Word-initial and word-final tokens had similar
mean durations, 68 ms and 69 ms respectively. The
mean duration of word-medial tokens was much
shorter, 51 ms, difference was statistically
significant [F(1, 510)=109.5, p<0.01].
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M1: voicing of /t/
Intercept
SonorantAfter
PauseAfter
Syllable
UtteranceFinal
UtteranceMedial
M2: voicing of /k/
Intercept
SonorantBefore
VowelBefore
WordMedial
WordFinal
Speaker M

Estim.

Odds
Ratio

pvalue

1.5
0.1
2.2
0.8
5.5

0.133
0.003
<0.001
<0.001
0.750
0.003

26.7
35.2
6.1
>100
2.3

<0.001
0.003
0.002
0.004
0.989
0.040

Class.
Ab.
78%

-0.9
0.4
-2.3
0.8
-0.2
1.7

76%
-3.5
3.3
3.6
1.8
16.2
0.8

The models predicted greater likelihood of
voicelessness for the reference level. The parameters
with most influence on voicing were contextual and

positional. Voicing was more frequent when the
adjacent context was non-pausal. /k/ was more
affected by preceding and /t/ by following context.
/t/ was more likely to be voiced utterance-medially
(p=0.003) and likelihood rose in non-initial syllables
(p<0.001). Following pause significantly decreased
the chance of voicing of /t/ (p<0.001). The
probability of voicing in /k/ increased following
voiced segments and word-medially (p=0.004).
Speaker rose as significant predictor for /k/ (p=0.04)
The classification ability of the models as
assessed by discriminant analysis was at least 76%,
which is above average.
3.3.2. Burst phase
We were looking for parameters that influence
reduction of the burst phase. Final models are
presented in Table 3. Again no model could be fit
for /p/ as no significant predictors emerged.
Table 3: Prediction models for burst phase
reduction
Predictor
M3: burst of /t/
Intercept
WordFinal
WordMedial
Syllable
Speaker M
M4: burst of /k/
Intercept
WordFinal
WordMedial
Comp.Word
Speaker M

Estim.

-3.2
1.6
2.2
-0.7
1.3

Odds
Ratio

pvalue

4.8
9.4
0.5
3.8

<0.001
0.080
0.005
0.037
0.014

>100
5.6
3.3
7.4

<0.001
0.990
<0.001
0.003
<0.001

Class.
Ab.
64%

73%
-3.6
-15.2
1.7
1.2
2.0

Position of the plosive in the word had the
biggest influence on burst phase. Loss of burst phase
was more likely to occur in word-medial plosives
(p<0.01 for both models). Occurrence of the plosive
in non-initial syllables, on the other hand, decreased
the possibility of burst reduction in /t/.
Speaker was a significant parameter, the male
speaker was associated with more extensive
reduction in bursts of both /t/ (p=0.014) and /k/
(p<0.001). Possible effect of word length emerged in
M4: burst of /k/ was more likely to be reduced when
appearing in compound words (p=0.003).
M4 had above average classification ability, but
that of M3 was rather poor, at only 64%.
4. DISCUSSION AND CONCLUSIONS
Overall the results on allophonic distribution and
behaviour of phonemes confirm our hypothesis.
Analysis showed that even in a small sample there
was variation in categories such as voiceless-voiced,
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burst-burstless. There was a large difference
between the proportions of voiceless and voiced
tokens, 23% and 77% respectively. The relative
distribution of burst and burstless was 83% vs. 17%.
These results suggest that it may be reasonable to
add allophonic variables at least for voicing feature
into speech synthesis phoneme list.
Prediction models contained rather similar
features for both /t/ and /k/. For example the
allophone is most likely to be reduced in the medial
position, be it word or utterance medial. Voiced
segmental context clearly had effect on voicing.
Apart from that, /t/ was more influenced by
utterance and /k/ by word level in voicing models.
Bigger influence of utterance level on voicing of /t/
can be explained by context sensitivity. /t/ becomes
voiced easily due to short durations and voiced
tokens occur in all positions in the word.
Voicelessness is preserved better adjacent to pauses
i.e. on the utterance borders. Pronunciation of /k/
varies more depending on the position in the word so
that has clearer influence. For burst phase word level
effects were significant for both /t/ and /k/. Speaking
rate may also play role in reduction amount, as
speaker emerged as significant predictor in several
models.
Classification ability of most models was above
average. Poorer performance of M3 can be affected
by very small amount of burstless tokens in /t/. It
may be that no strong patterns emerged because of
that.
Lastly, it should be remembered that although no
statistically significant features appeared affecting
reduction of /p/, it still showed regular voicing of
closure phase in connected speech. Therefore it
should not be excluded from future research and
modelling.
The results should be treated with caution as the
prediction models are based on data from only two
speakers and some features may be idiolective. In
future it might be worth examining donor voices
individually and using individual characteristics for
modelling. Models should also be tested on larger
samples of spoken material, such as audiobooks, for
validation.
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ABSTRACT
We propose two new hypotheses concerning the
occurrence of non-focused stressed pronouns in
spontaneous spoken German, one referring to the
prosodic structure of the spoken utterance, and the
other referring to the syntactic structure in which the
pronoun occurs. Based on pilot data from a corpus of
spoken German by monolingual and bilingual
speakers, we show that stressed pronouns occur in a
variety of sociolinguistic contexts. They can occur in
instances where (i) intonational phrases do not
contain lexical categories such as noun or verb, or (ii)
they are a complement to a preposition in a
prepositional phrase.
Our study contributes to ongoing research on the
stressability of (non-focused) pronouns in German.
Our hypotheses, of which the prosodically-motivated
one is restricted to spontaneous spoken language, will
be further tested on a larger corpus.
Keywords: stress, accent, pronouns, spontaneous
speech, German.
1. INTRODUCTION
A corpus analysis of German read speech ([2]) shows
that pitch accent distribution among information
status categories is highly consistent with the
expectation that novel information is accented,
whereas given information is deaccented. As for
pronouns, they are referentially given, and are
therefore considered to be deaccented in German and
English, as in (1). If they are focused (e.g. [9, 16]), as
in (2), they will be produced with a pitch accent (pitch
accents are given in small capitals, nuclear accents are
also underlined).
(1) Context: What did she took from him?
Sie hat ihm das TELEFON weggenommen.
(2) Context: Did she took the phone from him or her?
Sie hat [IHM]F das Telefon weggenommen.
‘She took the phone from him.’
For the spoken German radio news corpus DIRNDL,
which consists of read speech, [1] confirm that
pronouns generally do not occur accented. However,
the correlation of information status and prosodic
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marking that holds in read speech is weaker in
spontaneous speech. In spontaneous speech corpora,
accented given referents can occasionally be found
([2,4]). In a controlled experiment, [11] even elicited
optional pitch accents on pronouns in German which
are not licensed by information structure. In a
carefully controlled production experiment (4
speakers analysed), [11] tests for the influence of two
factors on the stressability of pronouns (focus always
leads to accentuation of pronouns and is therefore not
regarded further): (i) the phonological size of the
pronoun, consisting of either one or two syllables (ihn
in (3a) versus ihnen in (3b)) as a phonological factor,
and (ii) the syntactic position of the pronoun (either
in front of the infinite verb beeindruckt (3a,b), or
right-exposed following the infinite verb, (3c)).
(3)
a. Die Intendantin ist von ihm beeindruckt.
b. Die Intendantin ist von ihnen beeindruckt.
c. Die Intendantin ist beeindruckt von ihnen.
‘The director is impressed by him/them.’
The findings reveal that there were 20% more pitch
accents on bisyllabic pronouns than on monosyllabic
ones. Concerning the prominence levels, a division
emerged between full prominence accents on
disyllabic pronouns (prominence level 2 in DIMA
[10]) and less prominent pitch accents on
monosyllabic pronouns (prominence level 1 in
DIMA).
As for syntactic position, pronouns preceding the
infinite verb were more often accented than rightexposed pronouns. Moreover, for pronouns preceding
the infinite verb, pitch accents were more often
realized as full prominence pitch accents of
prominence level 2, whereas for the accents on
pronouns in right-exposed constituents, there was a
50-50 distribution between prominence level 1 and 2.
Thus, [11] argues that pronouns in German may be
optionally phrased as prosodic words. Both
phonological size as well as syntactic position of the
pronoun may condition a prosodically strong pronoun
which is stressed.
The current paper contributes to the debate on
stressed pronouns in German in two ways: first, by
postulating two additional hypotheses concerning the
conditions that may cause prosodically strong, and

hence stressed, pronouns in spontaneous speech in
German; second, by taking productions of both
monolingual
and
bilingual
speakers
into
consideration. Whereas the occurrence of stressed
pronouns is well-established in spontaneous and
elicited speech of German monolingual speakers (see
references above), we show here that it can also be
found in the German of bilingual speakers with a
variety of heritage languages. It can therefore be
considered a peculiar but widespread phenomenon of
German.
The data which serves as the basis are presented in
section 2. The observed occurrences of stressed
pronouns presented in section 3 cannot be accounted
for by phonological size and/or syntactic position as
addressed in [11]. We will therefore propose in
section 4 that beyond these factors, stressed pronouns
can be licensed by (i) the specifics of intonational
structure in spontaneous speech, or (ii), by their
syntactic function of complements in prepositional
phrases, in which they count as lexical words in terms
of phrasing. Section 5 provides a discussion.
2. DATA
2.1. Corpus
The data analysed for this article form part of a corpus
collected in a Collaborative Research Unit,
investigating language use by bilingual speakers in
Russian, Greek and Turkish heritage settings in
Germany and the US (RUEG group 2016/17).
Monolingual data are elicited for comparison reasons.
We concentrate on the German data here, comprising
both monolingual German and dominant German by
Russian, Greek and Turkish heritage speakers.
In two pilot studies, naturalistic repertoire data
were elicited by means of presenting participants with
a fictional incident (e.g., a traffic accident involving
a bicycle presented by means of pictures in pilot study
I, and an accident involving several pedestrians and
two cars presented by means of a video in pilot study
II). Participants were instructed to picture themselves
as a witness and describe the accident (with pictures
as props in pilot I, without any props in pilot II),
acting out different communicative situations which
covered different modes (spoken/written) and were
addressed to different communication partners
(police/friend, i.e. formal/informal speech) (for
details on methodology, see e.g. [18]). Given our
interest in prosody, only the spoken data in the formal
and informal setting are analyzed here.
In pilot I, narrations from 3 monolingual German
speakers and 3 German dominant heritage speakers of
Russian, Turkish and Greek each were collected.
Speakers were around 20 years of age. The narrations
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have an approximate average duration of 60s each
(pilot I and II). In pilot II, using the same protocol
with a different picture story, data from 8
monolingual German speakers and 4 German
dominant heritage speakers of Turkish were
collected. Altogether, 9 instances of stressed
pronouns occurred which form the basis for the
analysis and discussion in sections 4 and 5.
2.2. Data screening and annotation
In a first round, the utterances were listened to for
accented pronouns by the two authors independently.
We found 6 instances of stressed pronouns in the
German of heritage speakers (across all heritage
languages: 3 Turkish, 2 Greek, 1 Russian). We also
found 3 instances of stressed pronouns in the German
of monolingual speakers.ii
The narrations which contained instances of
stressed pronouns were then transcribed and
annotated for information status, information
structure and intonation. With respect to information
status, the Reflex-scheme was used ([3:137]). The
stressed pronouns were all labelled as referentially
given. Information structure, more specifically focus,
was annotated according to the guidelines provided
by [6]. None of the pronouns received the label “new”
or “focus”.
In terms of intonation, the utterances were
annotated for intonation phrase breaks (IP; see [7] for
procedure), and prominent words. Stressed pronouns
were also annotated for prominence based on
phonological perception by the two authors,
following the labelling guidelines stated in DIMA
(“Deutsche
Intonation - Modellierung
und
Annotation”, [10]). In DIMA, three prominence
levels are distinguished, not including non-prominent
syllables (see also [8]). Prominence level 1 indicates
a weak prominence, which does not necessarily
coincide with F0 movement and might not carry a
pitch accent. It is rhythmically or tonally conditioned.
Prominence level 2 indicates strong prominence and
normally co-occurs with a tone accent. Prominence
level 3 indicates extra strong prominence. It is an
emphatic hyperarticulation of an accent.
3. OBSERVATIONS
3.1. General observations
Instances of stressed pronouns occur throughout the
corpus, covering a variety of sociolinguistic
parameters (incl. mono-/bilingualism, language
background, gender, register), therefore suggesting
that it is indeed a peculiar but wide-spread
phenomenon of German. More specifically, instances
of stressed pronouns occur






in bilingual and monolingual German [6 bi, 3 mo]
in the dominant German of Turkish, Russian, and
Greek heritage speakers [3 T, 2 G, 1 R]
with both male and female speakers [1 m, 8 f]
in informal and formal register [5 inf, 4 f]

He came straight out to help her… I think…
[… ANdere pasSANten haben dann] [den NOTruf gewählt] [damit SIE]
ehm [HILfe beKOMMT]
other pedestrians have then the emergency_call dialed so she uhm help
gets
‘other pedestrians then called the ambulance, so she would get help’

(6) Turkish heritage speaker, female, formal
Interestingly, none of the occurrences that we found
in our corpus relates to the factors manipulated in the
experiment in [11]: as far as phonology is concerned,
all stressed pronouns were monosyllabic; as far as
syntax is concerned, the stressed pronouns never
occurred following the infinite verb. The patterns that
we do find across our data therefore go beyond the
factors already established in [11] and thus contribute
to a detailed analysis of the phenomenon.
3.2. Examples

There was a woman on the other side of the road…
[sie hatte ÄPfeln] [eh] [in dem KOFferraum] [des AUtos] [und sie
WOllte] [SIE] [EINpacken]
she had apples uh in the trunk of_the car and she wanted them pack
‘she had apples in the trunk of the car and she wanted to pack them’

(7) Greek heritage speaker, female, informal
I am in front of Kaufland and a car just hit a cyclist…
[er ist gerade AUSgestiegen] [und ist zu IHR geGANGen] [um ihr zu
HELfen]
he is just got_out and is to her went to her help
‘he just got out and went to her to help her’

(8) Russian heritage speaker, female, informal

This section presents the examples found in the
corpus. Information status and structure are not
annotated explicitly, given the generalizations stated
in section 2.2. The coarse prosodic structure is
marked in the German target utterance by indicating
boundaries of intonational phrases (IPs) by square
brackets and accented words by small capitals. All
pronouns in small capitals that we refer to as stressed
received a prominence rating pertaining to at least
prominence level 1. They are highlighted in bold for
quicker reference. Note that this does not mean that
the stressed pronouns carried the strongest
prominence in the sentence, i.e. the nuclear accent.
The preceding sentence is always provided in
italics in order to illustrate the immediate context. The
examples are classified according to the relevant
factors, which are discussed in section 4, namely
contrast (ex. (3)), size of the intonational phrase (exs.
(4) – (6), and occurrence in a prepositional phrase
(exs. (7) – (11)). It is thus suggested to continue with
section 4 and refer to the examples in this section for
illustration.
(3) Turkish heritage speaker, female, informal
Opposite was a girl with her dog who unloaded groceries from her
car…
[und dann wollte der HUND natürlich hinter dem BALL HER] [und dann
sind IHR die ganzen SACHen] [vom EINkauf] [RUNter geFALLEN]
and then wanted the dog naturally after the ball and then did her the whole
things of the shopping down dropped
‘and then naturally the dog wanted to go after the ball. And then she
dropped all of the shopping’

(4) Turkish heritage speaker, female, formal
and the car driver luckily went em quickly to her and tried to help her and
looked for injuries and em exactly what else can I say exactly …
[die poliZEI wurde dann] [von MIR] [und noch von ANderen]
[LEUten][verSTÄNdigt]
the police was then by me and also by other people informed
‘then the police was informed by me and other people’

(5) Greek heritage speaker, male, formal
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of course a car hit her…
jetzt] [LIEGT sie da so RUM] [und der AUtofahrer geht jetzt zu IHR]
now lies she there so about and the car driver goes now to her
‘now she is lying there and the car driver goes to her’

(9) Monolingual German, female, formal
probably because he was still in shock…
[aber er ist dann auch bei IHR geBLIEben] [und hat sich AUCH] [richtig
NETT noch] [um sie geKÜMMert]
but he is then also with her stayed and has (REFL) also really kindly even
for her cared
‘but he then stayed with her and kindly cared for her’

(10)

Monolingual German, female, informal

the incident with the dog could have ended much worse…
[zum GLÜCK] ehm [ist weiter NICHTS pasSIERT] [die FRAU hat den
HUND] [wieder zu SICH geNOMmen]
luckily uhm is else nothing happened the woman had the dog again to her
taken
‘luckily nothing else happened. The woman took the dog back to her’

(11)

Monolingual German, female, informal

[no preceeding sentence]
[also] [ich BIN gerad] [auf dem WEG zu DIR] [über den PARKplatz
geLAUfen]
well i was just on the way to you across the parking lot walked
‘on my way to you I just walked across the parking lot’

4. ANALYSIS
In example (3), it is conceivable that the speaker
might have prosodically marked a constructed
contrast by using prominence on the pronoun, namely
an implicit contrast between what the dog is doing
and what happened to the woman.
For the examples (4) – (6), we want argue
that the prominent pronouns are licenced by prosodic
well-formedness considerations, namely that within
an IP, one constituent needs to be the head and thus
stressed (e.g. [16]). In examples (4) and (5), the
pronoun forms an IP with a function word, in (6) the
pronoun is the only word within a phrase. So in these
small IPs the head must be either the function word
(von, damit) or the pronoun. Given that the pronoun
is the right-most constituent in the phrase and stress

is right-most in German, prominence assignment
follows these general principles of German sentence
stress assignment (cf. [16] for a summary).
In examples (7) - (11), the stressed pronoun
occurs as complement in a prepositional phrase,
indicating a location (bei) or direction (zu). The
stressed pronoun occurs in a position in which, had it
been a full lexical noun phrase, it would receive stress
(e.g. geht jetzt zur MUTter, auf dem WEG zur
MUTter). With the pronoun being used, however, the
accent would be expected to occur on the preposition
(zu, bei). Note that the example in (3) from [11] is
parallel in structure as it has the pronoun as the
complement of a prepositional phrase. In a prosodic
phrase consisting of two function words, there might
be some variability as to which function word is
augmented to the head of the prosodic phrase carrying
an accent.
In (7) and (9), a further accent is realized on
the verb. The accent on the pronoun in the
prepositional phrase is thus a prenuclear prominence,
again in the place where it would fall if the constituent
was a full NP. Prenuclear pitch accents in German are
possible and might occur independent of information
structure, as so-called ornamental accents ([3]) or
epenthetic accents ([9]).
5. DISCUSSION
Based on an analysis of our data, we propose two
further linguistic factors that contribute to the
stressability of pronouns in spontaneous speech
which have not been addressed in the (little) research
on stressed pronouns in German so far: (i) prosodic
wellformedness considerations, such as headedness
of IPs, (ii) syntactic constituency, especially the
occurrence as complement in prepositional phrases.
With respect to a phonological analysis, we propose
that in these two conditions pronouns are phrased as
prosodic words (rather than clitics). It is on those
prosodically strong pronouns that accents are then
licensed. The phonological structures for (5) and (7)
are exemplified in (12a,b) respectively.
(12)

a.
x
x
phrase-level
x
x
x
word-level
(damit (sie)ω)φ ((Hilfe)ω (bekommt)ω)φ
b.
(x)
x
x
x
(ist zu (ihr)ω (gegangen)ω)φ

phrase-level
word-level

It remains to be verified with more data both within
and across participants whether the size of IPs
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correlates with the number of occurrences of stressed
pronouns, such that smaller, and therefore more, IPs
lead to an increase of stressed pronouns. It is
envisaged to test this correlation in further research.
Alternatively, this could be tested on the fully
annotated GECO corpus representing 92 dialogues of
25 minutes each ([14]).
It will further be interesting to see whether
the number of occurrences of stressed pronouns also
depends on a speaker’s language profile, or whether
it occurs with all speakers of German independent of
further languages they might speak. The pronominal
systems of the other languages represented by the
speakers in our corpus, namely Russian, Turkish and
Greek, differ in interesting ways. Russian is closest to
German in that personal pronouns tend to be
deaccented, and only receive a nuclear pitch accent if
they are focused ([12, 13]). An interesting remark can
be found in ([17: 919] work on spoken Russian
though: “in Russian […] personal pronouns are
normally stressed, which is not the case for English”.
For Greek and Turkish, on the other hand, it is
interesting to note that they have pronominal systems
which distinguish between two sets of forms, namely
weak and strong, which differ in prosodic properties.
A closer investigation is warranted should language
background emerge as a relevant factor in our further
research.
The fact that stressed pronouns are also
found in monolingual speakers (and have first been
reported for this speaker group), however, shows that
the phenomenon is not restricted to language contact.
It rather seems that yet to be fully determined
dynamics of spoken language are at play which have
escaped the attention of the theoretical linguistic
literature so far.
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ABSTRACT
We report on a pilot analysis of two speakers—M, 33,
and F, 24, both middle-class—from Le Havre,
France, part of the larger Towards A New Linguistic
Atlas of France project.1 The aim is to isolate features
to investigate in greater detail in the full analysis.
Two vowel changes are analysed: the merger or
separation of /a/ (as in patte /pat/ ‘paw’) and /ɑ/ (pâtes
/pɑt/ ‘pasta’), and the fronting of /ɔ/. Most areas of
France merge /a/ and /ɑ/ to /a/ [18, 24, 46], but some
Normandy speakers separate them [21], as does the
regional language Norman, the oral vowel system of
which is very close to that of its sister language
French [30]. Both speakers analysed here have
significant word-list differences between /a/ and /ɑ/.
The female speaker also has fronted /ɔ/, a well-known
feature of modern informal French [3], but one which
has not been found for Norman. The emerging picture
is of an urban accent which combines regional
features and more widespread urban ones, even
among middle-class speakers.
Keywords: sociophonetics, phonetics, phonology,
French, Norman
1. INTRODUCTION
This paper presents initial results from the ongoing
Towards A New Linguistic Atlas of France project
(TANLAF; [22]). TANLAF aims to investigate
possible differences between the varieties of French
spoken in the major towns and cities of Northern
France; we present here results from Le Havre, one of
the largest cities (population approx. 300,000) in the
largely rural region of Normandy.
The dominant wisdom in the field is that there are
not many distinct regional varieties of French within
the North of France (the langue d’oïl area, where the
autochthonous varieties are closely related to
Standard French) [2, 11]. Native speakers themselves
also find it difficult to tell apart the varieties of French
spoken by natives of different cities in the North of
France [7, 8], though the area around the far Northern
city of Lille may be an exception [41, 42]. Overall,
despite recent work showing large numbers of
speakers throughout France pronouncing certain
words in non-normative ways [4], and work showing
phonological variation and change in Paris [12, 13,
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24, 28, 33, 35, 36, 43, 47], the dominant perception is
that variation in French across Northern France is
mostly lexical [4].
The French spoken in Le Havre is of interest
because it is subject to two possibly contradictory
influences. On the one hand, France has been
characterised as a ‘hypercephalic’ country [2], where
the capital has nationwide influence out of proportion
to the distance between it and the country’s other
large urban centres. Le Havre is relatively close to
Paris (215km/134mi), and the two are connected by
road, rail and river, so we would expect Paris to be a
significant influence on it anyway, but the influence
is still magnified by the organisation of the country.
On the other hand, the region of Normandy has a
well-known autochthonous variety, Norman, a sister
variety to French [30]. Norman was once spoken over
a large area from Dieppe in the East to the Channel
Islands in the West, but it now has no monolingual
speakers, and relatively few bilingual ones [30].
There are some adult learners of Norman in both
mainland France and (especially) the Channel Islands
[29]. Despite this apparent moribundity, this paper
finds a possible influence from Norman in the French
of Le Havre.
We analyse word-list productions of two pairs of
vowels, the /a ~ ɑ/ pair and the /ɔ ~ œ/ pair. /a/ and /ɑ/
are phonemes of classical French, and also of modern
Canadian French, though much of the French of
France (at least from middle-class speakers) now
merges them to /a/ [11, 21, 45]. Despite this, a
distinction which is at least allophonic, if not
phonemic, has been found in the Regional French of
Normandy in sites other than Le Havre [21], and the
distinction in Norman is also at least allophonic [30].
The relationship between /ɔ/ and /œ/ is of a
different kind: fronting of /ɔ/ towards [œ] has been
noted since at least the late 1950s [38]. It still seems
to be productive in much urban French of the North
of France [1], and there is evidence it is now
spreading to rural areas too [38]. The study in [9] is
divided into Northern French and Southern French
samples, and each sample includes both urban and
rural speakers, indicating that they did not expect to
find much difference between urban and rural
treatments of /ɔ/ fronting. Our analysis therefore
aimed to see whether it was also present in Le Havre.

2. METHOD
We analyse two of the TANLAF Le Havre
informants: a 24-year-old woman (F24) and a 33year-old man (M33). Following [32], final sample
size per city will vary with the size of the city; as Le
Havre has between 200,000 and 1,000,000
inhabitants, its final sample will be two men and two
women. Within each city, the sample is stratified only
by biological sex. Informants must have spent the
majority of their life in the urban area of the city
concerned, especially since the age of 4, so that most
of their peers are from there [31]. All informants are
aged 18-33, middle-class, with at most one university
degree, and none are educators. These criteria are in
order to eliminate possible confounding motivations
for variation. In this way, any variation found
between cities is more likely to be regional variation,
and not caused by social class differences, age
differences or stereotypes which may dictate the kind
of French that an educated person ‘should’ speak.
Recordings are made in relaxed surroundings
(these informants were recorded in their homes). The
speakers analysed here were recorded on a Marantz
PMD671 solid-state recorder, recording direct to
.wav (sampling rate of 22.05kHz / 16-bit). As storage
of large files is now much easier than it was, many
studies now record at double this rate, but 22.05kHz
is also still used in studies of vowels [e.g. 5, 44], as it
provides reliable measurements for frequencies
below 11.025kHz [16], which is still far above the
frequencies which have been found to be
sociolinguistically relevant for vowels, up to about
4kHz [25]. The microphone was a collar-mounted
Audio-Technica PRO70 cardioid condenser lavalier.
Speakers recorded an interview with the
researcher, a reading passage and a word-list. Wordlist data is analysed in this pilot study, on the basis
that any regional difference appearing there will
certainly appear in less formal connected speech. The
word-list was presented in PowerPoint, one word per
slide, so as not to show speakers when the end of the
list was approaching. Analysis was done in Praat [6].
Table 1 shows the tokens analysed here.
Table 1: Tokens analysed in this paper

F24
M33

/a/
87
120

/ɑ/
32
26

/ɔ/
62
70

/œ/
18
25

/ə/
20
144

The discrepancy between speaker totals is
explained by the removal of outliers and badlyrecorded tokens.
Recordings were segmented using EasyAlign
[20]. Formant values were measured at vowel
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midpoints, using a modified version of [34].
Reliability was ensured because recommended use of
EasyAlign requires checking phone boundaries; this
also gave the opportunity to check signal quality and
the reliability of Praat’s formant detection.
Raw formant frequencies in Hz were Lobanovnormalised through phonR [39]. The potential
presence of distinctions between all relevant vowel
pairs for each speaker was then tested by t-test on the
normalised F1 (height) and F2 (anteriority) values.
3. RESULTS
Raw Hz formant frequencies, normalised values, and
full vowel-plots for F24 and M33 are provided at
[23].
The partial vowel-plots in Figures 1 and 2 show
the relationships between /a/ and /ɑ/, and /ɔ/, /œ/ and
/ə/, for F24 and M33. The figures compare the mean
values of the speakers’ vowels with a reference set of
vowels, mostly from [15], but including /ə/ from [49],
as [15] does not include it.
Figure 1: Low and mid vowels of speaker F24
compared with female reference vowels [15].

Figure 2: Low and mid vowels of speaker M33
compared with male reference vowels [15].

We use a relatively old reference set because more
modern reference sets ([19, 49]) do not include /ɑ/:
most speakers of French in France, particularly young
and middle-aged ones, do not now make an audible
difference between /a/ and /ɑ/ [11, 17].

Table 3: Differences between /ɔ/ and /œ/
df
F24
M33

79
94

Height

Anteriority

t

p

t

p

3.345
4.227

<0.01
<0.001

9.999
11.705

<0.001
<0.001

3.1. /a/ and /ɑ/
Table 4: Differences between /ɔ/ and /ə/
Tokens were coded as /ɑ/ if their phonological
environment was listed in [14] as being likely to
produce /ɑ/ and not /a/. A list of phonological
environments for Quebec French was used in this
study of the French of France because Quebec French
still reliably distinguishes /ɑ/ from /a/ in the way that
the French of France once did, though the distinction
is now rare in the French of France. Token numbers
for /ɑ/ are much lower than numbers for /a/ simply
because of the low frequency of /ɑ/ relative to /a/ in
French of any variety (for speakers with a distinction)
or of the relevant phonological environments (for
speakers without one).
Table 2 shows the results of t-tests on the
differences between /a/ and /ɑ/ for our speakers. For
both F24 and M33, /a/ is significantly higher than /ɑ/.
In addition, /a/ is significantly fronter than /ɑ/ for
M33, though this is not true for F24.
Table 2: Differences between /a/ and /ɑ/
df
F24
M33

118
145

Height

t
2.107
3.591

p
<0.05
<0.01

Anteriority

t
0.249
2.960

p
>0.05
<0.01

3.2. /ɔ/, /œ/ and /ə/
The relationships tested among these three vowels
were between /ɔ/ and /œ/ and between /ɔ/ and /ə/. In
the Standard French vowel-space [17], /ɔ/ is a midlow rounded back vowel and /œ/ a mid-low rounded
front vowel, both at about the same height, with /ə/ a
mid-central vowel a little higher than these. When /ɔ/
is fronted, it typically does not front further than a
central position, so that it ends closer to /ə/ than to
/œ/. Nevertheless, the prototypical symbol associated
with fronted /ɔ/ is <œ> [38, 1, 40], because this is how
French often spells both /ə/ and /œ/. Tables 3 and 4
show the results of t-tests on these differences.

df
F24
M33

81
213

Anteriority

p

t

p

1.908
6.087

>0.05
<0.001

2.369
8.573

<0.05
<0.001

/ɔ/ and /œ/ should of course be significantly
different for any speaker, but the test was carried out
as a sense-check, and gave the expected result (Table
3). Of more interest are the differences between /ɔ/
and /ə/, since fronted /ɔ/ would be closer to /ə/ than to
/œ/. Therefore, in straightforward /ɔ/-fronting, there
might not be any significant difference between a
speaker’s /ɔ/ and /ə/ at all. However, if there were any
significant difference, one might expect it to be in
height rather than in anteriority, since normative /ə/ is
higher than normative /ɔ/ [17]. The full version of
F24’s vowel chart [23] shows P. Durand (1985)’s
reference /ə/ much higher than reference /ɔ/, and also
much higher than F24’s /ə/ and /ɔ/.
In fact, for F24, the differences are the other way
around from what we might expect given the norm.
/ɔ/ is significantly different from /ə/ in anteriority, but
not in height. The significant anteriority difference
looks on the face of it as if we should reject the
hypothesis that F24 is fronting /ɔ/. In terms of
absolute (Euclidean) distance, though, F24’s /ɔ/ is
slightly closer to her own /ə/ than it is to reference /ɔ/
(Table 5). Therefore, taking into account that the
phonetic effect of /ɔ/-fronting is to move /ɔ/ closer to
/ə/, we can still conclude that F24 is marginally
participating in the /ɔ/-fronting change in progress.
For M33, /ɔ/ and /ə/ are highly significantly
separated in both height and anteriority: he does not
seem to be participating in /ɔ/-fronting, at least in
formal word-list style.
Table 5: Euclidean distances for vowels
involved in /ɔ/-fronting

F24
M33
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Height

t

speaker /ɔ/speaker /ə/
0.459
0.775

speaker /ɔ/reference /ɔ/
0.521
0.508

4. DISCUSSION
The sociophonetic variation investigated in this paper
covers two different types of change in French:
1) a phonological change, between a system with
two low unrounded vowels, /a/ and /ɑ/, as in
more conservative varieties, and a system with
one, /a/, as in less conservative varieties
2) a phonetic change, the ongoing sound-change
of /ɔ/-fronting, which implicates the
relationship between a speaker’s /ɔ/ and a
speaker’s /ə/ (and reference /ɔ/), but does not
implicate their number of vowel phonemes.
4.1. /a/ and /ɑ/
In conservative French [50], we expect /a/ higher and
fronter than /ɑ/. We find this configuration for M33.
F24, on the other hand, has /a/ significantly higher but
not significantly fronter than /ɑ/. It is interesting that
the conservative difference reflected in descriptions
like [50] is not reflected in datasets like [15]: in [15],
in fact, /ɑ/ is slightly higher and slightly fronter than
/a/, the opposite of most descriptions which have both
vowels (though not all descriptions have both).
Significance cannot be tested for the vowels in [15],
as only one male and one female value are given.
Perceptually, we should note that, even in
Normandy speakers who have /a/ and /ɑ/ significantly
different, the difference is hard to hear, at least
consciously [21]. This raises the questions of how
relevant Normandy’s statistically significant
difference is to perception and to acquisition. These
questions are sociolinguistic, not phonetic, but they
could be tested by future perceptual experiments.
4.2. /ɔ/, /œ/ and /ə/
/ɔ/-fronting is described in the literature as a trait of
Northern urban French [1, 26, 38, 40]. F24 is
participating in this ongoing change, while M33 is
not; in fact, M33’s /ɔ/ is slightly backed and raised
compared to reference /ɔ/ (Figure 2).
4.3 Conclusion
In summary, both F24 and M33 have significant
separations (in at least one dimension) between /a/
and /ɑ/, and F24 is participating in /ɔ/-fronting,
though M33 is not. These indications suggest that
both speakers analysed here have elements of a Le
Havre accent. A separation of /a/ and /ɑ/ is a trait of
Standard French in at least some descriptions [10, 15,
37, 48], although many recent sources also say that
the distinction is now at best tenuous [18, 24, 46].
More interestingly for our purposes, use of both /a/
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and /ɑ/ has also been observed in cities, particularly
the suburbs of Paris [28], the urban area near Lille
[27] and Le Havre itself [26]. /ɔ/-fronting is more
unambiguously an incoming feature, and it is not
surprising that our female speaker should exhibit it
while our male speaker does not: it is axiomatic in
sociolinguistics that young female speakers often lead
in the adoption of new linguistic changes [31].
Thus, our young female speaker can be said to
exhibit at least two elements of non-standard, urban
French, while our young male speaker can be said not
to exhibit any, even though their treatment of one of
the variables examined here is the same. This
apparent paradox hinges on the status of an /a ɑ/
separation as both a feature of conservative Standard
French and a feature of (Northern) urban nonstandard French. It does not seem necessary to resolve
the paradox: one linguistic feature can perfectly well
be part of more than one system. Confirmation of
other non-standard characteristics of a Le Havre
accent will await further investigation of the data
collected, and future studies of the city using a bigger
sample size. We can now say, though, that there may
be more urban variation in France than we have
thought (cf [2] and studies summarised there). We can
also challenge the characterisation in [26] of the Le
Havre accent as a ‘linguistic myth’.
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ABSTRACT

British, and the aim of this paper is to study if and
to what extent this British identity is conveyed in the
music through band members’ accents, or if Trudgill’s finding can be extended to this very particular
genre.

Drawing from Trudgill’s finding that some American phonetic features are common in British popsongs [14], this paper explores whether this principle applies to a genre as distinctly British (in its
original form) as Heavy Metal. We worked on a
database comprised of the full studio discography,
and some isolated vocal tracks and interviews of two
bands: Iron Maiden and Def Leppard. We analyzed
two phenomena: i) T Voicing as an index of Americanization and ii) if the typical Northern British lack
of FOOT- STRUT Split found in Def Leppard’s interviews is preserved in songs. Results showed that a
certain degree of Americanization is attested. While
part of it can probably be attributed to Trudgill’s idea
that the American cultural domination in the music
industry leads to imitation, other factors come into
play.

Investigations of accent and dialect features in
songs using Trudgill’s study as a point of departure
have already been done, such as [1] on the band Arctic Monkeys or more generally [9] on British Rock,
Pop and Folk. In recent years however, Trudgill’s
Americanization argument has left scholars somewhat dissatisfied. Though mainly confirming Trudgill’s point, [13] has attempted to extend it, drawing
on ethnomusicology, the sociology of music and discourse analysis but does admit that the USA model
has lost its resonance over the years. [6] argues that
this tendency to Americanize pronunciation might
be better seen simply as a general style-norm for
most Anglophone Pop and Rock. [3] views this
Americanization as a restrictive perspective, and analyzes popular music performance through the dimensions of voice and place to which he confers a
specific definition, as subordinated to the organizing principles of genre. However, scholars do agree
on the fact that there is an undeniable modification
of accent from speaking to singing voice, that goes
beyond the necessary changes occurring when one
sings. This modification is perhaps not as strong today since artists have moved away from the USA
model [1, 13], but it was relevant when [14] was
published, which roughly coincides with the golden
age of Heavy Metal in the years 1976 to 1983 [16].

Keywords: sociophonetics, metal studies, varieties
of English, T Voicing, FOOT- STRUT Split
1. INTRODUCTION
In 1983, Peter Trudgill brought to light a tendency
for British pop singers to deviate from their spoken accent to adopt American phonetic features
when singing, as a consequence of American cultural domination in the music industry [14]. But
does this logic apply to all music genres? What
about a genre as specific as Heavy Metal?
Heavy Metal was born out of the daily struggles of Northern England’s working class youth facing de-industrialization in the late 1970s and early
1980s [17]. Industrial cities like Birmingham or
Sheffield became home to many emblematic Heavy
Metal bands, to the point that some even argue that
Heavy Metal music could only have come from
this particular geographical area [7], although iconic
metal bands such as Iron Maiden or Motörhead originate from other parts of the country. Northern or
not, Heavy Metal is (in its original form) distinctly

In order to see whether a certain British identity is
maintained in Heavy Metal music despite the established tendency for popular music to follow the USA
model, we analyzed Heavy Metal bands’ speaking
and singing voice; focusing on two main features
that distinguish Northern British English and Southern British English from General American: the
phonological process of T Voicing and the presence
or absence of the FOOT- STRUT Split. T Voicing is
a phenomenon that concerns the intervocalic con-
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3. T VOICING

sonant in words such as city, waiting or better, in
which the /t/ may end up sounding like a /d/ to
certain people, because it is pronounced as a voiced
flap or tap [18]. There are disagreements on whether
this process is a flap or a tap, hence our preference
for the neutral term of T Voicing. Another ground
for disagreement with the phenomenon of T Voicing is when it occurs after a nasal, more particularly
/n/, in words such as winter. While some agree
that it is an example of T Voicing [4], others have
viewed this specific combination of consonants as
actually involving /t/ deletion followed by /n/ flapping [15]. In any case, even if they are not proper
occurrences of T Voicing, it is a phenomenon that
is considered American and sufficiently similar to
T Voicing [18] that we decided to keep it in the
study. As for the phonemic FOOT- STRUT Split, [18]
describes its absence as the main characteristic distinguishing Northern English accents from Southern
English ones, and in this case, General American.
For the purpose of this paper, the Heavy Metal
bands Iron Maiden and Def Leppard will serve as examples. It is precisely because those bands are fairly
different in terms of themes, lyrics, music and sound
that a comparison between them seems relevant. Indeed, Iron Maiden are often seen as the epitome
of conservative authenticity in Heavy Metal [12],
whereas Def Leppard have attained a legitimate position within the genre by adopting a more commercial position-taking strategy [5], consequently targeting the American market.

3.1. Analysis

Based on the phonetic transcription of all songs in
the database, all word-internal /t/ were automatically extracted. Sequences like gotta, gonna or
wanna were not regarded as single words and therefore discarded. The authors separately inspected
the resulting list of /t/ tokens to decide which ones
could be potentially voiced, based on the word’s
stress pattern. The latter were then manually spotted
and segmented with the Praat program [2]. The segmented interval delimited the trochee within which
/t/ occurred. The authors independently carried out
an auditory analysis in order to determine whether
the voiced tapped allophone or the voiceless stop
was produced. The potential impact of trochee duration on the realization of /t/ as either a voiced tap
or a voiceless stop was tested by means of logistic
regression. Very long trochees (38 above 1.5 sec.)
were left out of this analysis.
3.2. Results

Among the 1,051 potentially voiced tokens in the
whole database, 795 were identified as voiced.
Fig. 1 shows /t/ counts cross-tabulated by band and
allophone (voiced vs voiceless). A two-proportion
z-test showed that the proportion of voiced /t/ in
the Def Leppard data was significantly higher than
the equivalent proportion in the Iron Maiden data
(χ 2 = 171 d f = 1 p < 0.001), confirming the visual impression from the figure that the bias toward
T Voicing is greater for Def Leppard. The proportions of voiced (91.4 %) and voiceless (8.6 %) /t/
for Def Leppard were submitted to a binomial test
in an attempt to check that the deviation from perfect equal frequency was significant, which turned
out to be the case (p < 0.001). The same procedure for Iron Maiden – voiced (55.5 %) and voiceless (44.5 %) – reached statistical significance too
(p = 0.018). Fig. 2 shows the proportion of voiced
/t/ per album for each band as a function of time.
The logistic regression with type of /t/ allophone
as dependent variable and band and trochee duration
as independent variables showed significant effects
of band (p < 0.001) and duration (p < 0.001) but no
significant interaction (p = 0.072). In other words, if
the band is Def Leppard, the likelihood that T Voicing will occur increases, and if duration is short, then
T Voicing is more likely to happen too. The lack
of interaction shows that the effect of duration on T
Voicing is similar in both bands.

2. CORPUS
The data consisted of all audio files from all official studio albums by the two bands. Both bands
released their debut album in 1980 and their latest
album in 2015. The data for Iron Maiden included
all of the 153 songs contained in their 16 albums.
Def Leppard’s 11 albums include 133 songs. We
also collected the lyrics for the 286 songs and automatically converted them to phonetic symbols [10].
Since the acoustic analysis of a singer’s voice cannot be performed with regular audio tracks where all
instruments are mixed together, isolated voice tracks
– 6 for Def Leppard and 8 for Iron Maiden – were
downloaded from Youtube. A careful auditory inspection was carried out in order to make sure that
these isolated tracks really came from the original
recordings. And in order to make the comparison
between speaking and singing voice possible, interviews – 8 for Def Leppard and 9 for Iron Maiden –
whose recording dates span most of the two bands’
career were also included in the database.
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4.2. Results

Figure 1: Frequency of voiced and voiceless allophones of /t/ in Def Leppard and Iron Maiden’s
entire studio discography.

According to Mann-Whitney tests, the difference in
F1 between /2/ and /U/ in Iron Maiden’s spoken
data was highly significant (W = 1583 p < 0.001)
while no statistical difference could be found in
terms of F2 (W = 6678 p = 0.571). The same
tests applied to Def Leppard’s spoken data showed
no such difference in F1 (W = 3467 p = 0.167)
or F2 either (W = 3422 p = 0.133). The difference between /2/ and /U/ in Iron Maiden’s isolated
vocal tracks reached statistical significance both in
the F1 (W = 5 p < 0.001) and F2 dimension (W =
0 p < 0.001). Def Leppard’s sung vowels exhibited a significant difference in F1 (W = 4 p <
0.001) and a marginally significant difference in F2
(W = 28 p = 0.017). The results are displayed in
Fig. 3 where ellipses encompass one standard deviation around the mean.
Figure 3: F1 and F2 values in spoken and sung
vowels.

Figure 2: Proportion of voiced /t/ over time.

4. FOOT-STRUT SPLIT
4.1. Analysis

The vowels /2/ and /U/ from the interviews were
segmented and their F1 and F2 values at temporal
midpoint were manually extracted with Praat [2].
The data for Iron Maiden contained 185 /2/ and 69
/U/ tokens. For Def Leppard, 153 /2/ and 52 /U/
were analyzed. The two phonemes were also extracted from the isolated vocal tracks we had collected. While formant estimation was quite challenging in the interviews due to speech type (spontaneous) and the poor quality of some recordings,
most vowels from the isolated sung tracks had to be
discarded because no formant contours were visible
in the spectrograms. Formant data from sung vowels
was available for 24 /2/ and 6 /U/ for Iron Maiden,
and 25 /2/ and 6 /U/ for Def Leppard.

5. DISCUSSION AND CONCLUSION
One of Trudgill’s conclusion is that it is fitting to
sound American when performing a predominantly
American activity [14]. Heavy Metal has undeniable
British origins but despite that, pronunciation traits
associated to a British identity are not fully preserved in the songs of Iron Maiden and Def Leppard.
While it is indisputable that their accents are Americanized, there are other factors apart from the desire to imitate American phonetic features that seem
to favor the realization of T Voicing and the FOOTSTRUT Split.
While both bands seem to favor T Voicing in
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ticularly low proportion of voiced /t/. The first two
Iron Maiden albums, which have comparatively high
proportions of voiced /t/, were recorded with singer
Paul Di’Anno, who was replaced in the third album
by main vocalist Bruce Dickinson. Dickinson also
left the band from 1993 to 1999, resulting in two
other albums being recorded with singer Blaze Bayley. This change of personnel adds yet another potentially confounding factor to the analysis.
A last remark concerns the inconsistency in T
Voicing for certain words in both bands. We found
that a total of 47 word-internal /t/ were realized as
both voiced and voiceless in different occurrences,
in words such as water, city or satellite. There are
rules on the variability of T Voicing, namely that
flapping is optional unless preceded by a primary or
secondary stress [15], but they apply to actual General American speakers. Another explanation for
this variability is suggested by Trudgill. Mainly, this
inconsistency in following the USA model can be attributed to lack of ability: most of the modifications
made by British singers are variable simply because
they are not American English speakers [14, 9].
Although we ran into difficulties with our analyses of the F OOT-S TRUT Split due to the poor quality of the recordings, it is still worth discussing what
we found. As expected, the lack of the F OOT-S TRUT
Split observed in Def Leppard’s interviews (the band
is from Sheffield) is not maintained in their sung
productions. Unlike Def Leppard, the F OOT-S TRUT
Split is present in both Iron Maiden’s interviews and
songs. This reveals Def Leppard’s adaptation to either the standard national British pronunciation or
the USA model, which also features this Split [18].
Given the context of the study and the results obtained on T Voicing, we are inclined to think that the
latter prevails: the fact that Def Leppard exhibit the
F OOT-S TRUT Split in their sung productions shows
a certain degree of Americanization.
While some American phonetic features are attested, like T Voicing and the F OOT-S TRUT Split,
three points can be made by way of conclusion.
First, neither band demonstrates full Americanization: both Iron Maiden and Def Leppard maintain a non-rhotic pronunciation, where /r/ is excluded from preconsonantal and absolute-final environments, a typical English phonetic feature as opposed to the General American rhotic pronunciation
[18]. Second, it seems that other factors, both phonetic and sociological, do come into play on top of
imitating the American model. Lastly, because accents in singing voice seem so inconsistent, we posit
that perhaps they should be considered varieties of
English in their own right.

songs (whereas auditory analysis tells us that they
do not show this trait in interviews), they do not do
it to the same extent. Def Leppard have displayed a
strong preference for the voiced allophone throughout their career. While Heavy Metal is not per se
American, the US market was a bigger and more lucrative market than its British equivalent [16], which
might have influenced a band like Def Leppard to
turn itself towards the USA early on in their career.
Their fascination with the USA was seen as offensive by their early British followers, culminating in
the public throwing garbage at the band on stage at
the 1980 Reading Festival in England [11]. The very
high proportion of the voiced allophone in Def Leppard’s music could thus confirm the point of view
expressed in [5] that the 1980s saw the need for certain metal musicians to borrow from the popular cultural mainstream to gain success in the field. This is
corroborated by the fact that Def Leppard’s music is
considered to belong to a subgenre of Heavy Metal
known as Lite or Pop Metal [16]. Often scorned, it
is seen as lacking authenticity compared to canonical Heavy Metal [16], providing a potential explanation for the move away from its traditional British
origins and in turn, accent. Conversely, although T
Voicing is on average more frequent than the voiceless plosive allophone in Iron Maiden, the proportion of voiced /t/ is lower than in Def Leppard. Iron
Maiden differs in terms of authenticity from Def
Leppard: they have mostly stuck to their roots when
it comes to music production, embracing the identity
generated by their early creativity [12] and have established themselves as an authority in Heavy Metal
by rarely deviating from their musical standards. As
a result, T Voicing may be less frequent because they
are maintaining more of their British identity.
Another explanation for Iron Maiden’s propensity
to slightly favor T Voicing over its voiceless counterpart is the possibility that it is easier to produce in a
sung context. [9] argues that a voiced /t/ is more
sonorous and thus more singable. [4] shows that a
T Voicing articulatory configuration is more similar
to the configuration of vowels than that of consonants, which seems like a plausible reason to favor
T Voicing in singing as a way to ease the transition
from vowel to /t/ to vowel. Furthermore, [8]’s finding that T Voicing involves a shortening of closure
duration could be seen as another factor if one assumes that the goal of singing is to minimize moments where voicing is interrupted, as they make
singing more difficult [9].
This however does not account for the uneven distribution of T Voicing over the years in Iron Maiden,
as can be seen in Fig. 2. Six albums show a par-
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ABSTRACT
This paper explores how intervocalic /t/ is realised
across West Yorkshire and aims to establish the
extent to which this phonetic variable patterns with
other varieties of British English. Although
sociolinguists have extensively studied T-glottaling,
and variation in /t/ production more generally, in
numerous areas of the UK; there are no up-to-date
studies which have examined /t/ in West Yorkshire.
An auditory analysis of over 600 tokens of
intervocalic /t/, from multiple syllabic and phonetic
contexts, using recordings of speakers from three
metropolitan boroughs within West Yorkshire
(Bradford, Kirklees and Wakefield) is presented. The
results of this investigation revealed that throughout
all three boroughs, T-glottaling is common in certain,
but not all, intervocalic contexts. Taking into account
previous findings this result indicates that Tglottaling may be on the rise in West Yorkshire, in
line with other Northern cities participating in the
consonantal change such as Manchester and Hull.
Keywords: /t/, T-glottaling, sociophonetics, regional
variation, West Yorkshire, Northern English
1. INTRODUCTION
West Yorkshire has received relatively little attention
from the sociophonetic community in recent years.
One of the few studies to examine /t/ in West
Yorkshire, was conducted by Petyt in 1985 [16] and
considered the accents of Bradford and Huddersfield
(Kirklees). Petyt found two non-standard forms of /t/
in use word-finally: a “sort of ‘linking r’”, realised as
either [ɹ] or [ɾ], and a glottal stop [ʔ]. T-glottaling
(where /t/ is realised as [ʔ] in non-initial position) was
also reported to have started spreading to the
intervocalic context, although it was least frequent
here and highly stigmatised. More recently, Tglottaling has been reported in Bradford in word-final
contexts only [11]. This paper aims to establish how
/t/ is currently realised across the West Yorkshire
metropolitan boroughs of Bradford, Kirklees and
Wakefield. T-glottaling has been widely studied in
English and its rates of usage have been shown to vary
depending on geographical location, linguistic
context [1, 11, 21], and other external factors such as
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social class, age and gender [1, 20, 25]. In the present
study, these external factors are held constant in order
to focus on how location and linguistic context affect
/t/ realisations across West Yorkshire.
1.1. Linguistic constraints on /t/

T-glottaling has been said to occur more frequently in
certain phonological contexts, although the precise
nature of the constraint hierarchy for glottal
replacement has been shown to vary between
locations [18, 20]. Glottal replacement generally
occurs more frequently in word-final contexts than
word-medial contexts [1, 19, 20]. When T-glottaling
does occur word-medially, it is often highly
stigmatised. Stuart-Smith [20] observed that working
class Glasgow speakers style-shifting from casual to
formal styles, only replaced glottal stops with [t] in
intervocalic position, and maintained their categorical
use of [ʔ] prepausally. This suggests that the
intervocalic context may be most socially salient.
The effect of prominence also has a strong
influence on T-glottaling, whereby in most locations
T-glottaling is only an option where “the stress on the
syllable following /t/ is less than that borne by the
preceding syllable” [21]. However, some speakers in
an advanced stage of this phonological process
glottalise even in stressed –ee/-oo environments such
as tattoo, canteen, eighteen [1, 10]. The linguistic
patterning of this variant is also highly sensitive to
following phonetic context. For example, Smith and
Holmes-Elliott observed that the phonetic
environments “Ambi#Syllabic-consonant” (bottle),
“Coda#Vowel” (that is), and “Ambi#Vowel”
(better), showed greater use of [ʔ] than both
“Coda#Pause” (right) and “Onset” (sometimes)
environments [18]. Other studies also reported that Tglottaling occurs more commonly before syllabic
consonants than before vowels [1, 13]. In this study,
realisations of /t/ are analysed in the word-medial
intervocalic context, taking into account both
prominence and the following phonetic context.
1.2. Regional variation in intervocalic /t/

The production of [ʔ] for intervocalic /t/ has been
reported in numerous cities throughout the UK. Tglottaling is found in this linguistic context in the

South (in South East London [21], Milton Keynes
[25], Reading [25]), in the Midlands (in Norwich
[22], West Midlands [13] and Derby [6]) and further
north in areas such as Manchester [1, 11], Lancashire
[23], Hull [25] and Newcastle [6]. T-glottaling is also
common intervocalically in Glasgow [20], Edinburgh
[4] and Buckie [18]. Other variants of /t/ in this
phonological context include [ɹ] in Sheffield [19], Tvoicing in Cardiff [14], and various lenited variants
in Liverpool [5, 15]. T-tapping, where /t/ is realised
as [ɾ] intervocalically, has also been reported in areas
including South East London [21], Lancashire [23],
Leicester [11] and West Midlands [13]. This study
aims to identify which allophones of intervocalic /t/
are currently in use across West Yorkshire.
It also seeks to explore the extent to which /t/
varies between the boroughs of Bradford, Kirklees
and Wakefield in order to determine if a local level
identity is indexed through accent on a more finegrained level than general Yorkshire English.
Previous examinations of these boroughs have
revealed regional nuances, (for instance the FACE
vowel was found to vary across boroughs [7]), in
addition to anecdotal accounts provided by WYRED
participants, in relation to accent variation across
West Yorkshire.
2. METHODOLOGY
2.1. Participants

The first 30 participants from the West Yorkshire
Regional English Database (WYRED) [8] were
selected (10 each from Bradford, Kirklees and
Wakefield) for this study. Participants are all male,
aged 18-30 (mean=21.8, range=19-29) and had
English as their first and only language. Participants
were classified as being from one of the three
boroughs based on the postcode of where they grew
up and went to school. The majority of the
participants were White British and they were all
enrolled on undergraduate or postgraduate degrees at
university or had already completed a university
qualification at the time of recording. By focussing on
a closely defined population of participants,
confounding factors such as age, gender and socioeconomic background are largely controlled,
therefore making it possible to test the role of
different areas within West Yorkshire as an
independent factor. However, it must be
acknowledged that there may be an interaction
between social characteristics (i.e. age, gender and
socio-economic background) and location, which
have not been considered here.
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2.2. Task

The present study uses data from the WYRED Task 3
studio recordings. This task consisted of a 20-minutelong casual conversation between pairs of
participants from the same borough. Participants were
provided with topic cards as prompts, however, they
were instructed that they could discuss any topics
they like. The speech style elicited in this task was
spontaneous and relatively relaxed.
2.3. Procedure

In line with previous studies of T-glottaling, an
auditory analysis of /t/ was undertaken. The acoustic
information available in the spectrogram and
waveform was also considered during analysis,
however, no acoustic measurements were taken.
Tokens of intervocalic /t/ were selected from clearly
articulated speech where there was no uncertainty as
to what the intended target was. Any tokens produced
in overlap or when the participant was laughing were
disregarded, as were words which had been almost
fully elided due to co-articulation. For each
participant, all suitable tokens were manually labelled
in Praat [3] using a TextGrid. Labels included the
word containing the intervocalic /t/ token and an
auditory transcription of the token. Within this dataset
the following variants were identified auditorily: [t],
[ts], [ɾ], [ʔ] and [Ø]. A subset of 20% of the sound files
were checked and agreed upon by the second author.
During the analysis, it was observed that the vast
majority of tokens which were auditorily perceived as
glottal variants did not exhibit the acoustic cues we
might expect to find in the speech signal. For
instance, there was no silent hold phase which we
would generally expect to see with all voiceless stops.
Furthermore, there was rarely a clearly visible
vertical striation to mark the plosive release. Instead,
the percept of a glottal stop seemed to be prompted
most often by a period of creaky voice. This was also
found to be the case in a study of Newcastle speakers’
glottal realisations [6] where it was noted that a
number of scholars have claimed that glottal closure
and creaky voice form a continuum (for example see
[9, 12]). In Liverpool English, a typical pattern for [ʔ]
was also a period of creaky voice [5]. Figure 1 shows
an example of this kind of token.
Once all files had been analysed the data was
exported to Microsoft Excel to be organised before
statistical analysis was conducted in R [17]. As
previously mentioned, syllabic position and
following phonetic context can influence the
realisation of /t/, therefore care was taken to group
tokens into appropriate categories. Following [18]
three separate categories of intervocalic /t/ were

included. Table 1 provides a summary of linguistic
contexts that have been considered in this
investigation.

meant the category was less likely to glottalise.
Linguistic context and region were entered into the
model as fixed effects, and as random effects, there
were intercepts for speaker.

Figure 1: Spectrogram of voters spoken by a Wakefield
male which was perceived as a glottal variant due to a
period of creaky voice

3. RESULTS
3.1. Overall distributions

Tokens were included in the Stressed Onset category
if /t/ occurred in the onset of a stressed syllable wordmedially (i.e. where the following nucleus was more
prominent than the preceding one). In any instances
where the stress could theoretically be placed on more
than one syllable (e.g. /ˈeɪtiːn/ vs. /eɪˈtiːn/), all
potential variable tokens were checked auditorily
before being coded accordingly. Tokens were
assigned to the Ambi#V category where /t/ appeared
between two vowels in an ambi-syllabic position.
Tokens occurring after a vowel and before a syllabic
consonant were classified as Ambi#Syl.
Table 1: Linguistic context of intervocalic /t/

Following
phonetic
context

Onset

Vowel

Ambi

Vowel

Ambi

Syllabic
Consonant

Examples

Description

attack
guitar
pretty
better
little
bottle

Stressed
Onset

Table 2: Overall distribution of all variants

[t]
N
%

[ɾ]
[ʔ]
[ts]
Ø
145
23
5
438
31
22.6
3.6
0.8
68.2
4.8

3.2. Linguistic context

As T-glottaling was the most common variant for
intervocalic /t/, the data was inspected to see how this
variant was distributed across linguistic contexts (see
Figure 2).
Figure 2: Rates of [ʔ] across linguistic contexts
100

Ambi#V

T-glottaling %

Syllabic
position

In total 642 tokens of intervocalic /t/ were analysed
and a range of variants were observed in the data. The
distribution of these variants is presented in Table 2.
Overall the vast majority of tokens were glottalised
with the next most common variant being a standard
voiceless alveolar plosive. In a small proportion of
tokens, /t/ was fully elided without any glottal closure
or period of creaky voice. There were also some
affricated forms, similar to those commonly reported
in Liverpool English [15, 24], and five tapped
variants.

Ambi#Syl

2.4. Statistical analysis

R [17] and lme4 [2] were used to perform a
generalised mixed effects logistic regression analysis
in order to test the effect of linguistic context and
region on T-glottaling. A decision was taken to have
a binary distinction between glottal and non-glottal
variants, based on the overall distribution of /t/
variants, presented in §3.1. For the purposes of the
statistical analysis, glottalised tokens were coded as 1
and all other tokens were coded as 0. This data was
then entered into the models as the dependent variable
“T-glottaling”. Any positive estimates in the
regression coefficients indicated more use of Tglottaling within that category, and negative estimates
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50

0
Stressed
Onset

Ambi#V

Ambi#Syl

Syllable & following phonetic context

Figure 2 shows that T-glottaling occurs most
frequently in the Ambi#Syl context (97.0% of the
time), followed by Ambi#V (76.0% of the time). This
is in line with previous descriptions of other dialects
[11]. There were no instances of /t/ being realised as
[ʔ] in the Stressed Onset context, which could
indicate that T-glottaling is blocked in this context for
West Yorkshire speakers, as it is in South East
London English [21]. For this reason, tokens from the
Stressed Onset context were excluded, resulting in
557 tokens being included in the statistical analyses.

In order to test the influence of linguistic context on
T-glottaling, p-values were obtained by likelihood
ratio tests of the full modeli (described in §2.4)
against the model without the fixed effect of linguistic
context. This analysis revealed that the linguistic
context has a statistically significant effect on Tglottaling (χ2 (1) = 30.271, p <0.0001), with [ʔ] being
most frequent in the Ambi#Syl context. Overall, in
both Ambi#V and Ambi#Syl contexts T-glottaling
occurred more often than the non-glottal variants.
3.3. Region

Figure 3 presents the distributions of all /t/ variants
across the regions of Bradford, Kirklees and
Wakefield. As the realisations of /t/ vary according to
linguistic context, the data has also been subdivided
according to this factor.
It can be seen that in the Stressed Onset context,
speakers across all three areas only use the variants [t]
and [ts]. The affricated variant is used most often by
Bradford speakers (21.7%), followed by Kirklees
(8.6%) then Wakefield (3.7%). All of the five variants
used for /t/ can be found within the Ambi#V context;
however, in both this context and the Ambi#Syl
context [ʔ] is the most common variant, with Kirklees
speakers using it most often across both linguistic
contexts. Concerning the Ambi#Syl context, all three
regions used [ʔ] over 95% of the time.
Figure 3: /t/ variants by region and linguistic
context (B=Bradford, K=Kirklees, W=Wakefield)
% Frequency of use
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4. DISCUSSION
Overall, it would appear that the rise of T-glottaling
observed by Petyt [16] has continued as /t/ is very
commonly realised as [ʔ] intervocalically. However,
the data from West Yorkshire demonstrates that not
all intervocalic tokens behave the same. For instance,
T-glottaling occurs significantly more often in the
Ambi#Syl context compared to Ambi#V, whereas
glottal stops never occur in the Stressed Onset
context, indicating that in this speech community Tglottaling is not in as advanced a stage as in
Manchester [1] and London [10].
In addition to T-glottaling, other non-standard
forms of /t/ are present in West Yorkshire including
[ts] and [ɾ]. It could be the case that these variants
have spread from other regions such as Liverpool and
Lancashire, although, it’s possible that they are a
result of more idiosyncratic variation. It could also be
the case that differences in these released variants are
regionally stratified across West Yorkshire, as seven
out of the ten speakers who used the affricated tokens
were from Bradford; however, substantially more
data would be required to test this theory.
It should be noted that as this study only considers
a small number of speakers, who all largely share the
same social characteristics, it is necessary to use
caution when making claims about West Yorkshire in
general. As all speakers are young males, we might
expect their rates of T-glottaling, for instance, to be
higher than other subsections of the speech
community [1, 19]. It would appear that T-glottaling
is socially salient within these speakers as during the
Task 3 recordings a number of speakers talk about /t/
when describing their accent and one remarks that
they “don’t pronounce their t’s around here”.
5. CONCLUSIONS

Region & linguistic context

[t]
[t]

modeliii comparison was conducted to examine the
influence of the interaction between linguistic context
and region on T-glottaling. This revealed that any
interaction that exists does not significantly affect Tglottaling (χ2 (2) = 1.1787, p <0.5547).

s
[t
[t ]] [ɾ]
Ø
[ɾ] [ʔ]
[ʔ] [∅]

Based on the distributions in Figure 3, it appears that
T-glottaling is used most often by Kirklees speakers,
followed by Wakefield, then Bradford. To test the
influence of region on T-glottaling, p-values were
obtained by likelihood ratio tests of the full modelii
(described in §2.4) against the model without the
fixed effect of region. This analysis showed that
region did not have a statistically significant effect on
T-glottaling (χ2 (2) = 2.424, p = 0.2976). A further
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This paper has shown how intervocalic /t/ is realised
in a range of linguistic contexts across three boroughs
within West Yorkshire. Results show that speakers
from Bradford, Kirklees and Wakefield broadly
behave in the same way and do not index local level
identity through use of this particular variable. It is
evident that the following phonetic context, syllabic
position and prominence all affect how /t/ is realised
and therefore it is suggested that these aspects should
all be taken into account when conducting analyses of
other phonetic variables.
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ABSTRACT

can English, the Buckeye Corpus of American English. Speakers in the corpus are of a similar socioeconomic class, and are all speakers from the same
restricted geographical area. Holding these features
constant, this study provides insight into the extent
of variation within this population, makes some preliminary claims about how gender may interact with
para-phonemic click usage, and indicates a high degree of individual variation with respect to click
usage. This study expands our understanding of
the acoustic properties of para-phonemic clicks, and
gives insight into their distribution of usage among
speakers of American English.

Clicks in English are known to occur in transitional
periods of talk, during word searches and as indicators of speaker affect. Less well established are the
phonetic properties of these clicks, phonetic variation with respect to the click’s discourse role, and
phonetic variation between speakers. This study
contributes to understandings of click acoustics by
examining clicks used within the Buckeye Corpus
of American English [9]. Percussive clicks varied
significantly in intensity from those with a discourse
role such as conveying affect or turn-management.
Speakers also varied in the extent to which clicks
of all discourse types were employed: male speakers clicked percussively at a significantly higher
rate than female speakers, whereas female speakers were more likely to use turn-management and
affect-conveying clicks. This research helps illuminate an understudied aspect of sound systems,
and gives insight into the extent of intra- and interspeaker variation in para-phonemic sounds.

2. BACKGROUND
Para-phonemic clicks are clicks that are produced in
speech but are not used as phones within words of
the language. Much of the literature looking at these
clicks has focused on their use in English conversation. However, this phenomenon is by no means
exclusive to English. Languages such as Wolof [5]
have a complex system of para-phonemic clicks that
convey negative affect, can answer ‘yes’ or ‘no’ to
polar questions, and perform other conversational
functions. Gil’s [4] survey of linguists finds paraphonemic clicks that are used in 143 languages belonging to many unrelated language families.
Clicks in English can be used to convey affect,
manage turns and discourse, or can be found as percussive sounds resulting from effects of other goal
articulations. Affect conveyance may be the most
well-known usage of click in English, typically described as negatively valanced represented orthographically by the sequence tsk-tsk or tut-tut [8].
However, clicks are more frequently found in discourse roles where they manage sequences such as
indicating a speaker wishes to begin a turn, is searching for a word, or wishes to change a subject.
Articulatorily, clicks in English have been described as alveolar and dental [15], post-alveolar and
alveolar lateral [8]. Aperliński’s [1] experimental
study of affective clicks in English found seven different articulations (bilabial, rounded bilabial, dental, alveolar, palato-alveolar, lateral, and palatal).

Keywords: Clicks, paralinguistics, sociophonetics,
para-phonemic sounds, corpus linguistics
1. INTRODUCTION
Clicks, a type of articulation created through the rarefication of air between two different points of articulation in the mouth, are known to occur in English in several contexts. English speakers use clicks
to do conversational work, like indicating incipient
speakership [8], indexing a new sequence [14], or
searching for a word [13]. Additionally speakers use
clicks to convey affect, such as disapproval [6]. Finally, speakers have been known to produce clicks
incidentally, as the result of articulatory processes
of speech [11] or breath intake before speech [8].
However, many questions remain about these
clicks’ acoustic or articulatory properties, how these
properties might differ across these discourse purposes, and how these different clicks are used by
different speaker populations. This study describes
the properties of clicks within a corpus of Ameri-
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cluded due to audio problems, both males. The
remaining speakers totaled 38 in number, approximately 38 hours of recordings. Speech from the interviewers was only partially audible and as a result
was not analyzed.

Clicks in this study were elicited as emotional responses to particular situations that could be experienced by the participant. As such, they represent
a range of possible clicks that convey affect, but do
not represent clicks used in turn-interactions or percussives. Moreno and Stuart-Smith [7] find a different range of articulations, alveolar-lateral, palatoalveolar, alveolar, dental-alveolar, dental, labioalveolar, labiodental, and bilabial, with dental being
the most common articulation.
While these studies give us information about the
distribution of clicks within natural speech in English, and the acoustic properties of elicited clicks,
we lack detailed information about phonetic properties of the clicks themselves as they occur in natural speech. Aperliński’s [1] study associates particular stances or functional roles of clicks with articulations, and finds a range of variation. Wright
[14] and Ogden [8] find dental, alveolar and bilabial
clicks, but do not associate them with any particular conversational roles. In order to investigate the
associations between these discourse roles and particular articulations or acoustic properties, we will
address the full spectrum of click roles: stance display clicks, turn management clicks, and percussive
clicks.

4.1. Click Coding

The Buckeye Corpus’s native transcription system is
annotated at the lexical and phonemic levels. Clicks
are not differentiated in this system, but some are labeled as vocal noises, along with in breaths and other
non-word noises made by speakers. The corpus was
annotated for clicks by the researcher in textgrids using Praat [2]. Clicks were demarcated into periods
of noise and silence, where noise periods begin with
a transient release and end with a transition to silence or another click transient.
Figure 1: Labial-dental click composed of two
periods of noise. Speaker 39 - s3902b
0.01874

0

3. PREDICTIONS

-0.02307
0

0.01454
Time (s)

We predict that clicks in this corpus resemble the articulatory types found in previous studies [1], [14],
[8], and that speakers may use different click articulations in discourse roles like those displaying a
stance, and those indicating a desire to begin speaking. Percussive clicks, those that arise as an articulatory side effect, are known to occur at the alveolar ridge and at the lips, but it is not known how
or if percussive clicks differ from intentional clicks
made at these places. The corpus’s gender balanced
design, combined with a geographically-restricted
sample of speakers, allows us to ask some initial
questions about how gender might factor into click
usage, Ogden [8] finds that women click at a higher
rate in the CallHome corpus, but does not include
percussive clicks in the total click count.

Clicks were labeled for place of articulation, turn
information and discourse type. Place of articulation was labeled by the researcher to be one of 11
articulations, 6 making up the bulk of the corpus.
An example of a labial-dental click can be found
below. Turn information was determined by the
click’s place within the speakers’ utterances. Discourse type distinguished the different roles that the
clicks played in the discourse. The click properties
that were labeled can be found below in Table 1.
Table 1: Clicks were labeled according to their
properties within the discourse, position within
the turn structure, and perceived articulatory properties.
Discourse Type

4. METHODOLOGY

turn management
affective
percussive

Data from this study come from the Buckeye Corpus of Conversational Speech [9]. The corpus totals 40 speakers, all white, balanced for binary variables of gender (male, female) and age (young, old).
Speakers were recorded during a modified sociolinguistic interview, totaling approximately one hour
of recording per speaker. Two interviews were ex-

Turn Position
initial
medial
final
back channel
aborted

Articulation
dental
alveolar
labio-dental
labial
lateral
palatal

Click articulations were determined auditorily by
a team of phonetically trained labelers. Discourse
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roles were determined by surrounding conversational information. Stance display or affective clicks
were used in response to negatively or positively
valanced remarks. Clicks that occur during word
searches, or when a speaker maintains their turn during a pause are labeled as turn management clicks.
Additional turn management clicks include clicks
preceding utterances that are not followed by in
breaths. Percussive clicks occur as an acoustic sideeffect of other articulatory goals by the speaker. This
typically means clicks that occur as the articulators
separate for an intake of breath before speaking,
or when the tongue separates from the palate after
swallowing. As these labelling methods are highly
labeler dependent, additional work will need to be
done to determine rates of intertranscriber reliability.

Table 2: ANOVA Statistical Summaries
Source
dis
Resid
Source
dis
Resid
Source
dis
Resid
Source
art
Resid
Source
art
Resid

Maximum Intensity by Discourse Type
Df
Sum Sq
Mean Sq
F val
2
53223
26611
425
7827
490060
63
Maximum COG by Discourse Type
Df
Sum Sq
Mean Sq
F val
2
4.4e+8
2.2e+8
119.1
7827
1.4e+10
1.9e+6
Maximum Standard Deviation by Discourse Type
Df
Sum Sq
Mean Sq
F val
2
5.3e+06
2.6e+6
12.64
7827
1.6e+09
1.8e+6
Maximum Intensity by Articulation
Df
Sum Sq
Mean Sq
F val
11
2.1e+4
1906.3
28.53
7818
5.2e+5
66.8
Maximum COG by Articulation
Df
Sum Sq
Mean Sq
F val
11
1.7e+08
1.5e+7
8.237
7818
1.5e+10
1.9e+6

P val
<2e-16
P val
<2e-16
P val
3.32e-6

P val
<2e-16
P val
1.57e-14

Similarly, ANOVAs were performed to assess the
relationship of the first two spectral moments to discourse type. The ANOVAs showed that the effect of
discourse type was significant F(2, 7827) = 119.1, p
< 0.0001 with respect to center of gravity, and standard deviation F(2, 7827) = 12.64, p < 0.0001. Post
hoc Tukey HSD tests indicated that percussive and
turn-management discourse types’ center of gravity means differed significantly at the p < 0.0001
level, while affect conveying and turn management
differed at the p = 0.005 level, and percussive and
turn management clicks differed at the p = 0.01
level. Percussive and turn management clicks’ standard deviation differed at the p < 0.0001, while differences between turn management and affect conveying clicks, and percussive and affect conveying
clicks were not significant. Skew and kurtosis were
not evaluated due to the low sampling rate of the signal.
An ANOVA was performed to assess the relationship of articulatory label to maximum intensity. The
test revealed a significant effect of articulatory label F(11, 7818) = 28.53, p < 0.0001. A post hoc
Tukey HSD test indicated that the differences between lateral and labio-dental, palatal and lateral,
lateral and labial, lateral and dental, labiodental and
dental, labial and dental, labiodental and alveolar,
and labial and alveolar were significant at the p <
0.0001 level. Differences between palatal and alveolar clicks were significant at the p < 0.005 level, and
differences between palatal and dental clicks were
significant at the p = 0.05 level. Other click articulation comparisons did not meet significance level.
Similarly, ANOVAs were performed to assess the
relationship of articulation to the first two spectral
moments. There was a significant effect of articulatory label F(11, 7818) = 8.23 p < 0.0001 with respect to COG and standard deviation F(11, 7818)
= 15.99 p < 0.0001. Post hoc Tukey HSD tests
found significant differences within COG between

4.2. Acoustic Information

Acoustic information was extracted using a modified Praat script [3] from each of the periods of noise
within the click. As click releases are made up of
multiple bursts due to their complex articulations,
many clicks were made up of multiple bursts and
periods of silence. Periods of silence were analyzed
only for length.
The signal was sampled at 16 kHz, and Discrete
Fourier Transforms were averaged using time averaging [12]. These measures were taken across
the center 80% of the duration of the click, with
a window size of 10 milliseconds in two windows.
The first four spectral moments were measured over
these two windows within each noise period, with
multiple noise periods within a click. Intensity and
duration information were also collected.
5. ANALYSIS
5.1. Acoustic Properties

A one-way analysis of variance test was performed
in R [10] using aov function within the stats package to assess the relationship of discourse type to
maximum intensity of each noise period within a
click. The ANOVA showed that the effect of discourse type was significant, F(2, 7827) = 425, p <
0.0001. The summary of this can be found below in
Table 2. A post hoc Tukey HSD test indicated that
the percussive and turn management clicks, and the
percussive and affect conveying clicks varied significantly from one another (p < 0.0001), while turn
management and affect conveying clicks also differed significantly from one another at a different
alpha level (p < 0.005).
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dental and alveolar, labio-dental and labial articulations at the p < 0.0001 level, palatal and alveolar p =
0.01, and near significant differences between labiodental and alveolar, and palatal and lateral articulations (p = 0.053). Similarly, significant differences
were found within standard deviation between labial
and alveolar, palatal and labio-dental, lateral and
labial, palatal and labial, lateral and labio-dental,
labio-dental and alveolar, labio-dental and dental,
and labial and dental at the p < 0.05 level. No other
articulatory pairs were found to have significant differences.

6.3. Individual Speakers

Individual variation with respect to click production
was high. Speakers s1, s2, s9, and s36 produced
25 or less clicks during each interview, with s3 producing only 3 total clicks, all percussive. However,
speakers s13, s19, s34, s12, s11, s22 and s35 all produced over 125 clicks, the majority of these also percussive, with speaker s35 producing the maximum
of 167 clicks, 144 percussive. The average speaker
clicked 75 times, the average male speaker clicked
90 times, the average female speaker clicked 61.5
times.

5.2. Speaker Properties

7. DISCUSSION
A Pearson’s Chi-Square test was performed to assess whether gender and discourse types were related. There was significant evidence of an association, (χ 2 (2) = 187.06, p < 0.001). Men produced
61% of percussive clicks (1441), while women produced 39% (912). Women produced 62% of turn
management clicks (256) compared to 38% (158)
by men, while women produced 69% (62) of affect
conveying clicks compared to 31% (28) produced by
men.

Para-phonemic clicks in English within the Buckeye
Corpus have been shown to occupy a wide range of
articulations, expanding on previous claims. Discourse type was found to be a good predictor of
acoustic properties, while articulatory label was only
a good predictor in a subset of the articulatory labels,
indicating that discourse type may be a better indicator of the click’s acoustic properties and in some
way correlate with particular articulatory properties.
Speakers were consistent with few exceptions in
employing percussive clicks more frequently than
turn-management and affect-conveying clicks, contra Ogden [8] who found percussive clicks less frequently than turn-management and affect-conveying
clicks. Similar to Moreno & Stuart-Smith [7], turnmanaging clicks are found more frequently than
affect-conveying clicks. Male and female speakers
differed significantly in the ways that they employed
clicks. Male speakers were found to produce percussives much more frequently than female speakers,
making clicks available as a potential site of identity
construction within this variety of English.
Relationships between contrast and meaning are
often invoked in understandings of sound systems.
We expect that for speakers to be able invoke meaning differences between sounds or groups of sounds,
that there should be some kind of contrast in their
acoustic properties. As such, we might expect that
clicks that are used for different discourse roles
have tendencies towards particular acoustic properties that contrast from one another. This paper adds
to the growing body of work that addresses the properties of sounds outside of the main phonemic inventory of a language.

6. RESULTS
6.1. Statistical Analysis

Discourse types were found to be good predictors of
maximum click intensity, maximum spectral center
of gravity and maximum standard deviation. Similarly, a subset of articulatory labels were found to
be good predictors of these attributes. Male speakers were more likely to produce percussive clicks,
while female speakers were more likely to produce
affect-conveying and turn-management clicks.
6.2. Click types and Frequencies

Percussive clicks were the most commonly found
type of click, making up around 82% and 2353 tokens of the total 2857 clicks found within the corpus. Turn-management clicks consisted of approximately 14.5% of the total and 414 tokens, while
affect conveying clicks were found the least frequently consisting of a mere 3% of the total clicks,
making up 90 tokens. Speakers were consistent in
employing percussive clicks most frequently during
their interviews, with turn-management clicks being
the second most frequently used, and finally affectconveying clicks.
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ABSTRACT

the South East and comparing and contrasting the
relationships between social class and regional features. Rather than pre-defining who RP speakers are
likely to be, it takes speakers who can be defined
as in the middle-upper range of the socio-economic
spectrum by other factors, namely private school education. This is particularly relevant in the study of
RP due to the origins of the accent [18, 8] in the
south-eastern public schools.

There is a long standing claim that the Received Pronunciation sociolect does not have regional features
and is the same across England. We test that by
looking at the FOOT-STRUT and TRAP-BATH distinctions, which are classic markers of the NorthSouth accent divide in England. 10 speakers, who
were privately educated in either the North East or
the South East, were recorded for this study. Using
sociolinguistic interviews, forced alignment techniques, and mixed-effect models, social and linguistic effects on vowel pronunciation are analysed. All
speakers are found to have the FOOT-STRUT split.
However, the TRAP-BATH distinction is less prevalent in the North East speakers, who show effects of
linguistic structure rather than social factors on the
BATH vowel, with a possibility of a rule simplification process occurring that is bringing them towards
the system used by South East speakers.

Figure 1: Relationship between social and regional accents in England (adapted from Wells
[20], also reported by Ward [19] from Daniel
Jones).

Keywords: sociophonetics, phonology, social class,
Received Pronunciation, English.

The FOOT-STRUT and TRAP-BATH distinctions
are used to discuss this topic because they are classic markers of the North-South accent divide in
England. The BATH lexical set is produced as a
PALM (/A:/) vowel by speakers from the south, but
as a TRAP (/a/ or /æ/) vowel by speakers from the
north. It is the product of what Wells [20] describes
as a half completed sound change. A phonemic split
occurred between the TRAP and BATH words with
the /æ/ lengthening to [æ:] (and later [A:]) when
followed by a voiceless fricative. This split phonologised and spread but not to all lexical items, e.g.
gas and mass still have a TRAP vowel in all varieties. There are also words with a following /n/ that
fit into the BATH category, (e.g. aunt, dance); these
were borrowed into Middle English from French, after the split had occurred [5]. The STRUT vowel is
regionally variable, with northern speakers producing the variant that is identical to the FOOT vowel
(/U/) and southern speakers producing a different
variant (/2/) that is not found in any part of the

1. INTRODUCTION & BACKGROUND
This paper marks the beginning of an investigative project that looks into the current state of Received Pronunciation (henceforth RP) and how regional and social class-based variation interact. RP
suffers from being both under and over-studied, having been “more carefully described than any other
British accent" [12], and yet having been sorely neglected in the field of sociophonetics [4]. Claims
exist that typologically it is tied to the South East
[18] but also described as regionless [20]. This
study contributes to our understanding of the present
state of RP but takes a different approach to many.
Building on Wells’ [20] operationalisation of English accents across region and class shown in figure 1, we aim to investigate the claims of an accent without regional features [18] by taking speakers from two different areas, the North East [2] and
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justing the classifications from the American vowel
system. All data was imported into RStudio and the
extracted vowel measurements combined with the
social data collected from the participants. Unless
otherwise stated the measurements used in the analysis were the normalised midpoint F1 and F2. Due
to the tendency in casual speech to reduce the vowels in function words, these were filtered out of the
data set after it had been imported into RStudio.

phonology of northern speakers. These two lexical
sets were originally one, in Middle English, with the
short vowel /u/, which split into /U/ and /2/.
1.1. Research Questions

The two research questions addressed investigate
the state of the variables within the two regions of
speakers but also ask whether social factors between
these speakers can show the effect of the triangular
structure of variation in figure 1.
1. What social and linguistic factors affect the
FOOT - STRUT
and TRAP-BATH distinctions in
speakers privately educated in the North East and
the South East?
2. At what socio-economic stage do the FOOTSTRUT and TRAP - BATH distinctions disappear in
speakers privately educated in the North East?

3. RESULTS AND DISCUSSION
3.1. Speaker Specific Discussion

In the minimal pairs tasks seven out of the ten speakers consciously identified a difference in both the
FOOT - STRUT and TRAP - BATH minimal pairs. One
speaker did not identify a difference between anti
and auntie (the TRAP-BATH distinction) in pre-nasal
position but was aware that other speakers would.
Another speaker said that she varied in her realisation of this pair, being affected by her family from
further south who used /A:/ in auntie. Only one
speaker did not identify a difference in any of the
FOOT - STRUT minimal pairs, and also had no TRAP BATH distinction.

2. METHOD
As explained in section 1, speakers were not selected
based on whether they speak RP or not. In order to
avoid the circularity that would be caused by predefining the features of the accent under study, they
were selected based on other socio-economic factors. Specifically, due to reports of the British private and boarding [1] school system being fundamental to the roots and development of RP [8, 18],
all speakers in this study had been privately educated for the majority of their childhood. They were,
however, variable in other socio-economic factors
including type of school, occupation, and parents’
education and occupations. The population under
study is approximately 7% of the total British population [13], and less of the north-eastern population,
since there are more private schools in the South
[7, 1]. These numbers mean that speaker recruitment
is difficult, hence the small number of speakers represented here.
The total number of speakers was 10, 4 educated
in the North East and 6 in the South East. Sociolinguistic interviews (based on the traditional Labovian model [17]) were recorded on a Zoom H4n Pro
Handy Recorder. A word list and minimal pairs task
were included with various pairs that identify the
FOOT - STRUT and TRAP - BATH distinctions. Demographic information, including educational background and parents’ education was also collected.
The interviews were transcribed in ELAN, force
aligned with FAVE-align [16] and formant measurements were extracted using FAVE-extract [16],
which produces normalised (Lobanov) Herz values.
The vowels produced by FAVE were recoded to lexical sets [20, 21] including error correction and ad-

3.2. F OOT-S TRUT

The FOOT-STRUT distinction is primarily characterised by a difference in F1, with /U/ having a lower
F1 than /2/. A linear mixed effects model shows the
expected relationship between these vowels, with a
+166Hz effect of the STRUT lexical set against the
FOOT lexical set (t= 28.334). However, the region
of education did not show a significant effect on
the STRUT vowel (see figure 2); no predictor caused
more than 46Hz of variation in this vowel (see table
1).
Figure 2: F1 of FOOT and STRUT lexical sets, by
School Region

Regarding F2, the FOOT words are significantly
fronter, by 88Hz (t = -3.349), than the STRUT lexical
set and STRUT words do not vary based on region
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Predictor
(Intercept)
School Region
South East (baseline)
North East
Following segment Voicing
Voiceless (baseline)
Voiced
Preceding Segment
None (baseline)
Oral Labial
Nasal Labial
Oral Apical
Nasal Apical
Palatal
Velar
Liquid
Obstruent + Liquid
Approximant
Following Sequence
None (baseline)
One Syllable
Two Syllables
Complex Coda
Complex Coda
+ one or more syllables

Estimate
746.703

Standard Error
15.481

t-value
48.234

-44.405

21.740

-2.043

-34.828

5.835

-5.968

-2.045
32.926
-14.869
32.926
-37.775
8.354
1.193
-20.696
-18.609

10.315
14.124
8.777
14.124
23.724
12.019
10.485
11.987
10.748

-0.198
2.331
-1.694
2.331
-1.592
0.695
0.114
-1.727
-1.731

-15.058
46.371
-15.95

6.852
19.936
8.074

-2.198
2.326
-1.976

-9.232

7.594

-1.216

ation in the BATH vowel. However, when models
were run and ANOVA tests conducted to compare
them it was found that the social factors (including
age, sex and occupation) and most of the factors that
described phonetic environment did not have significant effects. The best model found showed that
structure of the following sequence did have a significant effect, see table 2. One or more syllables
after the BATH vowel has an effect of +340Hz. The
difference between these following sequences can
be seen in figure 4.
Table 2: BATH lexical set for speakers educated
in the North East

Predictor
(Intercept)
Following Segment
Manner
Fricative
(baseline)
Nasal
Following Segment
Place
Labial (baseline)
Labio-dental
Apical
Following
Sequence
None (baseline)
One or more syllables
Complex Coda

Table 1: Model of the F1 of the STRUT lexical set

but show some variation by phonetic environment.
3.3. T RAP-BATH

3.3.1. F2
Figure 3 shows that for speakers educated in the
South East the BATH lexical set has a similar range
of F2 to the PALM lexical set, and different to the
TRAP lexical set, as would be expected from the literature. For the speakers educated in the North East,
the BATH words pattern closer to the TRAP words
but have more variation.
Figure 3: F2 of the TRAP ,
cal sets

BATH

Estimate
1303.35

Standard Error
206.19

t-value
6.321

-171.40

112.70

-1.521

30.37
117.11

208.24
170.58

0.146
0.687

343.77

124.54

2.760

77.82

148.22

0.525

Figure 4: F2 of the BATH lexical sets by following
sequence for speakers educated in the North-East

and PALM lexi-

Examples of the words in the category showing
an effect include: after, castle, laughing, examples.
Historically the TRAP-BATH split, as described in
section 1, is defined as lengthening and then backing
in a pre-fricative environment, however the process
did not complete lexical diffusion. Therefore, it is
likely that the current state of TRAP-BATH distinction is controlled by a complex rule system. Even
a speaker with a complete TRAP-BATH split would
still have a TRAP vowel in words such as gas. It
also does not apply in every phonological environment; for example, a speaker with the split would
have a TRAP vowel in classic. The effect of follow-

The best linear mixed effects model for the F2 of
the BATH lexical set shows an effect of +224Hz for
speakers educated in the North East, compared to
those educated in the South East (t = 3.546). Considering the model of social variation discussed in
section 1 and shown in figure 1, it would be expected
that factors determining social class (e.g. occupation) would be the strongest predictors for any vari-
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ing sequence seen in the BATH vowels of the speakers educated in the North East could be a case of rule
simplification.
Another example of a lexically specific split is
/æ/-tensing in Philadelphia [10], which has a complex set of rules. Payne [15], for instance, found that
children from out of state learning the Philadelphia
vowel system do not show the correct system because they have acquired only some of the rules, or
have simplified them. There is also evidence that native speakers are now simplifying the vowel system
[11].
Older quantitative studies on the southern
BATH vowel are not available but there is other evidence in the literature that it has changed. For example, Fudge [6] states that in his own speech (describing himself as a middle class southern British
speaker), the TRAP vowel never occurs before a
voiceless fricative and Wells [21] states that older,
often upper class speakers of RP, used to have an
/A:/ vowel in words such as plastic. None of the
speakers educated in the South East have this pattern and all of them have at least some words with
a following voiceless fricative that are realised with
a TRAP vowel (e.g. mass, lass). We propose that
the explanation for the difference in predictors for
the North East speaker set is that they are moving
towards a system more like the South East speakers, but either have not acquired all of the necessary
rules, or have simplified the rules. The North East
speakers could be following a rule that states that
the fricative or nasal that causes the vowel change
must be in the same syllable:
 n
 

+ low
+ low
fricatives$
+ front
→ + back /
nasal$
- long

Figure 5: Duration of the
TRAP lexical sets

BATH , PALM

and

4. CONCLUSION
Returning to the research questions, the following
conclusions can be drawn:
1: The STRUT vowel does not show any effect of
region; there is only a small amount of variation
in F1, caused by phonetic environment, and the F2
shows variation based on preceding and following
segment. For the speakers educated in the North
East the BATH lexical set is not variable based on
any identifiable social factors but there is an effect
of following sequence on the vowel, meaning that
depending on the syllable structure the BATH vowel
is more or less like the TRAP vowel. For those educated in the South East there is no pattern of variation in the BATH vowel.
2: There is no effect of school region on the
STRUT vowels; speakers privately educated in the
North East have no less of a distinction than those
educated in the South East. The TRAP-BATH distinction is not affected by social factors, instead a
simplified system governing the lexical occurrence
is found in the speakers educated in the North East.

+ long

The speakers educated in the South East show
very little variation in the BATH vowel and do not
display the same phonological conditioning (see figure 3).

Overall, this data set shows that the model of
social variation seen in figure 1 works for some
variables but not all variables together. The model
would predict that regional differences would reduce with progression up the socio-economic spectrum. However, we have shown that all the speakers
show the same variation in the FOOT-STRUT split
and different variation in the TRAP-BATH distinction. Therefore, the North-South difference as measured by the FOOT-STRUT split is lost lower down
the social spectrum than as measured with the TRAPBATH distinction, despite the phonological complexity of acquiring a STRUT vowel [3]. This is
likely due to the social saliency of the BATH vowel.
Wells [21] ascribes retention of the TRAP vowel in
the BATH lexical set to its status as a northern identity marker.

3.3.2. Duration
It would be expected that BATH vowels, which
have undergone pre-fricative lengthening (section
1), would have a longer duration, patterning with
PALM vowels rather than TRAP vowels [9, 14] (comparing with both allows for possible TRAP lengthening [9]). However, as can be seen in figure 5, across
both school regions, the BATH words in this data set
show the same duration as the TRAP words, not the
PALM words. This pattern was confirmed in models.
These results will be the subject of further research
but mean that duration cannot be used to analyse the
state of the TRAP-BATH in the speakers in this study.
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ABSTRACT
This paper investigates gendered speech development
between childhood and adolescence. A longitudinal
sociophonetic analysis of /s/ was conducted across a
panel of 13 speakers, first recorded aged 9-11 and
again at 13-15. Acoustic measures of Centre of
Gravity (CoG) revealed a significant interaction
between Year of Interview and Gender. Male CoG
significantly fell, while female CoG significantly
rose. These data suggest that gendered speech styles
emerge incrementally over time. Moreover, as CoG is
inversely related to vocal tract length, typical physical
development would predict a fall over time for both
genders. As we only find this for the males, this
indicates the emergence of gendered /s/ production is
primarily driven by females. Inspection of style in the
adolescent data supports this interpretation: only
females show significant stylistic conditioning, while
males are consistent across contexts. These findings
are discussed in relation to the role of women in
language variation and change.
Keywords: sociophonetics; phonetic variation; real
time; gender; child and adolescent language
1. BACKGROUND
1.1. /s/ production and gender

In articulatory terms, one source of /s/-variability in
English is along a front-back cline where it can be
produced with a fronter articulation which results in a
shorter front cavity between the point of constriction
and the teeth, or a backer articulation which results in
a longer one [3]. Acoustically, front cavity length has
been shown to be inversely related to measures of
frequency [4, 13] where fronter /s/ articulations are
associated with higher frequencies as measured by
spectral peak frequency or Centre of Gravity [4, 29,
15].
Given the tendency for males to exhibit larger
vocal tracts than females, and therefore longer front
cavity lengths, it follows that males will also exhibit
/s/ productions associated with lower Hz values.
Studies that have examined sex related differences
have largely confirmed this [28, 14]. However, many
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studies analysing differences in acoustic measures
between male and female /s/ have reported
differences of a larger magnitude than is predicted by
anatomical factors alone [7, 21, 10]. These studies
suggest that a sociophonetic explanation provides a
better account where speakers make use of /s/
variability to index aspects of gender. Subsequent
studies have observed gendered patterns of /s/
variation which further intersect with other socially
relevant categories such as class, and ethnicity [30,
25]. The interpretation of these data requires a
socially grounded account. This in turn emphasises
the sociophonetic potential of /s/ variability as a
resource available for speakers to socially index
elements of their identities.
1.2. Development of gendered speech patterns

Research examining the acquisition of variation has
shown that children are exposed to socially
meaningful variation virtually from birth [8]. Further,
patterns in Child Directed Speech (CDS) suggest that
caregivers use their input to prime their children to
linguistically relevant social categories, and that
gender appears to be chief among these [9]. However,
less clear is when children start to use this social
information to produce gendered patterns in their own
speech. Studies have shown evidence for gendered
speech production in children aged between three and
six [24, 8, 31] while others suggest that it does not
emerge until 12 [19], and others as late as 16 [24].
Work which has specifically targeted sibilant
production reported gender patterning for /ʃ/ between
ages 8-9, but not until 11-13 for /s/ [32]. Results
indicated that the process was incremental where the
distance between male and female measures was
greater for older than younger children. In other
words, children’s speech production became more
gendered as they got older. Perceptual work
investigating the evaluation of children’s speech
showed gendered /s/-production affected ‘gendertypicality’ judgements of the child [22, 23].
This study builds on recent work by
examining the emergence of gendered speech
production across a panel of individuals in real time.
It targets the transition from childhood to adolescence
and compares the speech of males and females.
Specifically, we ask:




Is there evidence for the emergence of
gendered production of /s/ across real time?
Is this effect driven by males, females, or both?

for the males: their adolescent CoG measure is lower
than the one based on their childhood recordings.
Figure 1: CoG in real time separated by gender1.

2. METHODOLOGY
2.1 Sample

Data come from a real time panel of speakers
interviewed and recorded twice, first in 2012 aged
between 9-11 years, and second in 2016 aged 13-15
years. Participants were recruited and recorded at
school
and
interviewed
using
traditional
sociolinguistic techniques [17] in pairs with the first
author. The 2016 set of interviews included a stylistic
component where participants read a short passage
before they were interviewed. All participants are
monolingual English speakers, born and raised in
Hastings, a coastal town in southeast England,
situated within the wider Southern British English
dialect area.
2.2 Data and analysis

Data were recorded using a solid state recorder with
a sampling rate of 44.1kHz. Following orthographic
transcription, the data were automatically aligned at a
phonemic level using the University of
Pennsylvania’s Forced Alignment and Vowel
Extraction Suite [26]. Acoustic measures of spectral
Centre of Gravity were automatically extracted from
time averaged spectra in Praat [2] (with a proportion
hand-checked).
A total of 11,538 tokens were analysed using
Linear Mixed Effects Regressions (lmer) [1] where
Year of Recording and Gender were entered as fixed
social factors, Duration and Following Phonetic
Context were entered as fixed phonetic factors;
Speaker and Word were included as random factors.
Therefore, reported values from social factors are
based on model estimates which control for phonetic
and random factors. Fully saturated models were
stepped [16] and post hoc within factor contrasts were
derived using differences of Least squares means [20]
Tukey method corrected for multiple comparisons.
3. RESULTS
Real time data
As shown in Figure 1, the distance between the
average male and female measures of CoG increases
across the time points. On average, the adolescent
females show a higher CoG compared to their
childhood measures. The opposite pattern is visible
1
Real time analyses uses data from Interview contexts only to
ensure it is fully comparable across the time points.
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Consistent with Figure 1, lmer analysis of the real
time data revealed a significant interaction between
Year of Recording and Gender (p<.0001). Post hoc
pairwise comparison of lsmeans indicated a withinfactor difference across time for both genders.
Females showed significantly higher CoG in 2016
compared to 2012 (model estimated difference of
251Hz, p<.0001), while Males showed the opposite
pattern: their average CoG was significantly lower
across the two time points (model estimated
difference of 141Hz, p=.003). Differences between
the genders were not significant at either time point:
male and female measures showed no significant
difference in the data from 2012 (p=.55), or 2016
(p=.09).
Figure 2 shows average individual CoG
across the two time points, shaded by Gender, in order
to investigate the uniformity of the observed
aggregate gender findings across individual speakers
in real time. The figure shows that there is a degree of
variability in the direction, and extent, of the shifting.
Some females increase, and some decrease, some
make large shifts, others smaller ones – the same is
true of the males. However, for both males and
females, the majority of individuals conform to the
broader gender pattern. For females, 5/8 individuals
increase, and for males 3/5 decrease. It is also
noteworthy that the most extreme shifters across both
males and females shift in the direction predicted by
their gender.

Figure 2: CoG in real time by individual speaker.

observations are supported by the statistical analysis
where Style and Gender show a significant interaction
(p<.0001). Analysis of lsmeans further corroborate
the visible tendency where female CoG measures are
significantly different across the two contexts
(p=.0002), but male CoG measures are not (p=.502).
4. DISCUSSION
We now return to our research questions.


Style in adolescent data
In order to investigate the status of the form across the
speakers, speech context was analysed in the 2016,
adolescent recordings. Figure 3 illustrates the result
of this analysis showing CoG across the different
speech contexts (Interview and Reading Passage)
separated by Gender (males dark grey, females light).
Figure 3: CoG in 2016 by style and gender.

The distribution of CoG across speech context as
shown in Figure 3 demonstrates the interaction of
Style and Gender. Only female participants show a
shift where they exhibit higher CoG values during the
reading passage compared to the interview speech.
This effect is not visible across the males who show
consistent measures across the contexts. These
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Is there evidence for the emergence of
gendered production of /s/ across real time?

Our results showed that the distance between male
and female measures of CoG increased over time:
male CoG significantly fell, while female CoG
significantly increased. In line with previous apparent
time findings [32], these data suggest a divergence of
male and female patterns in the production of /s/
which emerge gradually. However, our first question
explicitly asks if there is evidence for the emergence
of a gendered production, as opposed to one
explained by sex-based anatomical differences.
Essentially, whether the differences we observe
between males and females suggest a social, or a
biological, process. Our results suggest that both
types of processes may come in to play, but that they
do not apply equally across both genders.
Specifically, to a large extent, the changes witnessed
in the male data can be explained by typical physical
maturation. As outlined in Section 1, longer front
cavity length has been shown to correlate with lower
/s/ frequency [4, 13, 15, 29]. Our data are sampled
across two points, and while direct physical
measurements were not taken, our participants
showed a level of growth in line with typical
development [33], this will have included an increase
in vocal tract length [11]. If only biological factors
affected changes in /s/ production, we would have
predicted a decrease in CoG measures for both
genders in real time. In our data, this was only the
case for the males; the female measures decreased.
This observation suggests that, while a biological
explanation can partially account for the changes
exhibited in the male data, a social one is necessary
for the female. We discuss the reasons for this below.
First we consider the individuals.
In addition to the aggregate gender patterns,
the individual trajectories also suggest a social
motivation. Moreover, that changes in /s/ production
are not wholly predicted by a binary male/female
split. While the majority of individuals conform to the
dominant gender pattern, males and females do not
behave as two uniform groups. This suggests that
social factors may influence shifts in production for

males as well as females. In addition to interspeaker
variation, intraspeaker variation, i.e. the degree that
individuals shift across real time, may suggest further
evidence for a social account. Previous research has
observed that women ‘actively’ produce more front
/s/ articulations [7]. Indeed, the most extreme female
shifters within our sample, Amy and Kamaria, show
strikingly higher CoG measures in 2016 which may
suggest an actively fronted articulation. Equally, the
most extreme male shifters, Bobby and Jones, both
make marked shifts down the Hz range. This may
imply an actively backed articulation, and in turn
suggest a combination of social and biological factors
for the shifts. However, while the extent of these male
speakers’ shifting may be beyond that predicted by an
anatomical account, they do shift in the predicted
direction. The same cannot be said for the females
which leads us to our second question.


Is this effect driven by males, females, or both?

Patterns across real time indicate that, while both
social and biological factors may contribute to
changes in the male data, only social factors can
account for the female data. This interpretation is
corroborated by the results of the style analysis: only
the female speakers show a significant difference
across the contexts where higher CoG measures are
associated with a more careful style. The males show
no significant shift across contexts. These results
demonstrate the emergence of gendered /s/ variation
is driven by the females. More broadly, taking the real
time and style results together, they indicate that the
young female speakers are making use of the social
value of /s/ variation in a way that the males are not.
This finding echoes previous research which
found adolescent females used the most innovative
and conservative rates of a phonetic variable shown
to index social group affiliation. Female speakers
spanned the entire variable range. In doing so, they
utilised the socio-symbolic value of the phonetic
variation, and thus symbolically indexed their group
membership, to a greater extent than the males [5].
This finding is underlined by a study which examined
the intersection of class and gender as it patterned
with /s/ variation across style. Here, only the working
class females showed significantly different /s/
measures across interactional stances [12]. Both
studies interpreted the findings in light of broader
social hierarchies where groups with less access to
power, i.e. women, lower socioeconomic statuses
etc., rely more heavily on symbolic manifestations of
capital, for example, physical appearance, or, in these
instances,
linguistic
variation.
The
same
interpretation could apply to our data: the women
make greater use of the socio-indexical use of the
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form because their position within the social
hierarchy makes it a more valuable resource.
While this may explain why female speakers
make greater use of the variation, it does not explain
the timing – why does gendered speech emerge
during adolescence? The answer to this may lie in
what the variation actually signifies. On the surface,
fronter /s/ appears to be a resource used by the
females in order to distance themselves from the
naturally lowering male /s/. However, our analysis
indicates that, while the genders diverge, they are not
actually significantly different to each other at either
time point, they are only significantly different to
earlier measures of themselves. This suggests that the
primary category is not gender, but age; speakers are
not distancing themselves from the opposite gender,
rather younger speakers. Indeed, research into
language change indicates that teenagers experience
an imperative to ‘grow up’ in order to gain access to
the privileges associated with young adulthood
(freedom to make their own choices, respect of other
adults etc.) [27]. Further, that they are sensitive to
linguistic variation as it correlates with age vectors
[18]. One way young people can expedite their access
to young adult privilege is through symbolically
demonstrating their status as ‘legitimate adolescents’.
They can do this by adopting various adult-like
behaviours many of which are predicated on ‘genderappropriate’ activities: wearing make-up; growing
facial hair; sexual experience etc. [6]. This
interpretation suggests that the young female
speakers are not using gendered speech patterns to
distance themselves from the males, but rather to
align themselves with older females. The underlying
aim is to sound ‘older’ and this is seemingly achieved
by replicating the gendered speech patterns they
observe within the wider adult speech community. In
short, they index age by performing gender.
5. CONCLUSION
Our findings demonstrate the emergence of gendered
speech across time. We interpret these findings as
evidence for a primarily social process driven by
females. Our discussion relates these results to the
larger questions they pose. Namely, why females, and
why during adolescence. We suggest the gender
asymmetry is due to a broader societal structure
where less access to power and concrete capital leads
women to make greater use of symbolic forms. In
turn, this currency becomes particularly valuable at
adolescence, when individuals experience a pressure
to assert themselves as adults. One way to achieve
this is by reproducing gendered behaviours associated
with the adult community, hence we observe the
emergence of gendered speech during this life stage.
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ABSTRACT
Twenty-four simultaneous bilinguals of K’ichee’
(Mayan) and Spanish produced broad focus
declaratives in both languages. Target words, taken
from the middle of syntactically parallel phrases,
were analyzed prosodically in terms of both pitch
register and pitch span, and compared across both
languages according to language dominance in order
to determine if these bilinguals have languagespecific pitch ranges.
Results demonstrate that the participants produce
lower L tones in Spanish than in K’ichee’ regardless
of language dominance. However, the speakers
produce higher H tones in their non-dominant
language than in their dominant language and
K’ichee’-dominant bilinguals produce larger
between-language differences in pitch span than
Spanish-dominant bilinguals. It is argued that these
findings may correspond to the frequency code, in
that a higher pitch may be a manifestation of the
bilinguals’ uncertainty or lower level of confidence
when speaking their less-dominant language.
Keywords: Frequency code, bilingual language
dominance, language-specific pitch ranges, K’ichee’,
Spanish.
1. INTRODUCTION
Aside from different phonemic inventories, one of the
reasons that languages sound different from each
other is that they are said to have different “phonetic
settings”, which “can be described as a tendency to
make the vocal apparatus keep returning to a
language-specific configuration” [19:14]. The notion
of language-specific phonetic settings has been
applied to both segmental and suprasegmental
features [17].
Previous research has revealed that pitch range
may demonstrate language-specific phonetic settings;
some languages may be spoken with a higher pitch or
larger pitch span than others [8, 9, 12, 20, 31, 33]. 1
Although between-speaker variables such as
anatomical differences of individuals’ vocal tracts
hinder claims such as ‘language A is always spoken
at a higher pitch than language B’ [30], there has been
an increase in studies of pitch ranges with within-
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speaker designs, i.e., among bilingual speakers of the
languages under comparison.
For example, Russian-English bilinguals speak
Russian with a higher pitch than English [1], EnglishFrench bilinguals speak French with a higher pitch
than English [30], and Spanish-Catalan bilinguals
speak Catalan with a higher pitch [18]. However,
other studies have demonstrated contrasting findings:
[1] found no differences in pitch between the two
languages of English-Cantonese bilinguals whereas
[21] found that English-Cantonese bilinguals speak
Cantonese at a lower pitch and [29] and [30]
demonstrate contrasting findings of which language
is spoken at a higher pitch among German-English
bilinguals.
Though some of these studies propose different
language-specific features as possible explanations
for their results, language-specific pitch ranges
among bilinguals are not always universal and may
be due to particularities of the speakers. For instance,
with Welsh-English bilinguals, most, but not all,
females speak Welsh at a higher overall pitch than
English but males do not demonstrate any differences
in pitch range between languages [25]. Only female
German-French bilinguals speak French with a higher
pitch [34] and female Japanese-English bilinguals,
but not males, speak Japanese with a higher pitch [13,
14]. Among German-Italian bilinguals, female
bilinguals speak German with a higher pitch whereas
males speak Italian with a higher pitch [34].
Furthermore, it should be noted that a bilingual
population does not form a homogenous group as
factors such as daily language use and language
competence contribute to whether a bilingual is
dominant in one language or the other [5]; even
simultaneous bilinguals have a preferred language in
which they tend to feel more comfortable [10].
Although language dominance has been shown to be
a significant variable in the analysis of intonational
contours produced by bilinguals [3, 4, 26, 32], few of
the aforementioned studies on bilingual pitch ranges
mention it as a possible factor in their analyses [21].
Thus, the objective of this study is to analyze the pitch
ranges in both languages of K’ichee’-Spanish
simultaneous bilinguals in Guatemala according to
language dominance in order to ascertain if they
demonstrate language-specific pitch ranges and how
speaker particularities may effect these ranges.

2. METHODS
2.1. Materials and procedure

Many of the aforementioned studies have used data
from different corpora in order to investigate the
language-specific pitch ranges of bilinguals.
However, as such a corpus is not available for the
population under study in this analysis, a controlled
production task was designed.
The materials were designed to be syntactically
parallel across both languages in order to perform a
more viable cross-language comparison. As all
segments except nasals devoice in word-final position
in K’ichee’ and stress is also fixed in word-final
position [11], a target word composed of voiced
segments and ending in a nasal was the third of four
words in the phrase; the last word had an atonic-tonic
stress pattern to avoid stress clash. Although Spanish
does not demonstrate these same phonotactic
restrictions, the Spanish material was also designed
following this protocol. Ten phrases were created for
each language (see Appendix in Section 6).
A question-answer task [4] was used to elicit the
productions from the bilinguals. In this type of task,
the participant is given information from a speaker
and then asked the question “What happened?” by a
second speaker. The participant then responds in a
broad focus declarative to the second speaker, using
the information received from the first.
Following the methods of previous phonetic
studies in populations with low literacy rates [e.g.,
11], the stimuli were presented to the participants via
a video. 4 native bilingual speakers of K’ichee’ and
Spanish (2 male, 2 female) were recorded producing
the stimuli on a Sony HDR-CX560 Handycam. The
videos were created in iMovie software where the
roles of speaker 1 and speaker 2 were randomized
among the four speakers. The presentation of the
stimuli to the participants is as follows: (i) speaker 1
appears on screen, presents the information to the
participant, and the screen fades to black for 2.5
seconds; (ii) speaker 2 appears on screen and asks the
question “What happened?” and the screen fades to
black; and (iii) the participant responds to speaker 2.
This methodological design also controls for other
variables from speakers 1 and 2, such as question
intonation or facial expressions. The 10 questionanswer sets for each language were repeated 4 times
to the participants and, along with distractor questionanswer sets, were randomized 5 times and burnt unto
different DVDs for each language.
Twenty-four simultaneous K’ichee’-Spanish
bilinguals participated in this study (12 male, 12
female, ages 19-75, M: 40.25, SD: 14.5). The
participants were analyzed for language dominance
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via the Bilingual Language Profile (BLP) [6], which
assesses dominance on a continuum as opposed to
more categorical interpretations [5]. The BLP was
chosen because it has previously demonstrated
correlations with intonational contours in both
languages among this population [3, 4].
The participants were recorded via a Marantz
PMD661 solid-state digital voice recorder digitized at
16 bits (44.1 kHz) with a Shure SM10A headmounted microphone in quiet rooms in Guatemala.
The order of the tasks, Spanish or K’ichee’ first, was
counter balanced among the participants and the
DVDs were played for the participants via a Sony
DVP-FX780 portable DVD player.
1,920 tokens (10 phrases x 4 repetitions x 2
languages x 24 participants) were elicited in the
production task and 1,884 tokens were analyzed; 36
tokens were discarded due to recording errors.
2.2. Analysis

Pitch range is divided into two dimensions: register
and span. Register, or level, refers to the overall pitch
height of an intonational phrase whereas span refers
to the size of the excursion of a contour [16]. Previous
studies on uncontrolled speech have analyzed pitch
range using various methods [e.g., 12, 33]. However,
this analysis of controlled speech consisted in
measuring the target words for F0 height at the L tone
and H tone for pitch register and the difference in
height between the H tone and the L tone for pitch
span [16, 27]. These locations are summarized in
Figure 1. Prior to the statistical analyses, the data
were normalized to semitones (re 1 Hz) in Praat [7].
Figure 1: Schematic of the location of the
measurements (st) made for each target word.

The data were analyzed via ANCOVAs with the
specific acoustic measure as the within-speaker
factor, Language as the between-speaker factor,
Language Dominance (BLP score) as the continuous
covariate, and speaker as the error term. Sex was
included as a between-subjects factor but was never
significant, aside from the expected between-sex
differences in overall pitch height, and is not reported
here. Although language dominance was analyzed as
a continuous variable in this study, it is presented in
the figures in Section 3 as categorical for clarity [5].

3. RESULTS

and Language Dominance [F (22, 1882) = 6.772, p <
.001]. Thus, the bilinguals in this study tend to have
higher H tones in their non-dominant language.

3.1. L tone height

The ANCOVA of L tone height of the bilinguals
demonstrates that there is a significant effect of
Language [F (1, 1882) = 113.125, p < .001]. However,
there is no significant effect of Language Dominance
[F (23, 1882) = .986, p = .325] nor is there a significant
Language x Language Dominance interaction [F (22,
1882) = 1.574, p = .116]. As illustrated in Figure 2,
the results indicate that the participants have a lower
pitch at the L tone in Spanish than in K’ichee’
regardless of language dominance.
Figure 2: L tone height (st) according to language
spoken and bilingual language dominance.

3.3. Pitch span

Both Language [F (1, 1882) = 7.311, p < .001] and
Language Dominance [F (23, 1882) = 15.276, p <
.001] are significant in the ANCOVA of pitch span.
The interaction between the two was also significant
[F (22, 1882) = 3.361, p < .001]. As seen in Figure 4,
although all the bilinguals produce a larger pitch span
in Spanish than in K’ichee’, the difference between
the language-specific pitch spans is greater among
K’ichee’-dominant bilinguals than among Spanishdominant bilinguals.
Figure 4: Pitch span (st) according to language
spoken and bilingual language dominance.

3.2. H tone height
Figure 3: H tone height (st) according to language
spoken and bilingual language dominance.

4. GENERAL DISCUSSION

The ANCOVA of H tone height (Figure 3), does not
yield a significant effect of Language [F (1, 1882) =
1.285, p = .257], or an effect of Language
Dominance [F (23, 1882) = .235, p = .815]. However,
there is a significant interaction between Language
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This study shows that, similar to the studies
summarized in Section 1, these K’ichee’-Spanish
bilinguals have different pitch ranges according to
which language they are speaking. Following
previous results among other bilingual populations
[25, 34], it is also shown that these language-specific
pitch ranges are influenced by social and cultural
factors. Specifically, the pitch ranges of these
bilinguals vary according to language dominance.
Given the between-speaker variation within any
bilingual population, the present study includes
language dominance in the acoustic analysis of
bilingual pitch ranges. Although the data demonstrate
that these bilinguals have lower L tones in Spanish
than in K’ichee’, regardless of language dominance,
both H tone height and pitch span were affected by
language dominance.
The analysis of H tone height reveals that these
bilinguals have higher pitch peaks in their non-

dominant language than in their dominant language.
One manifestation of the frequency code [22, 23, 24],
which is based on the correlation between larynx
sizes and pitch, is that while lower pitch sounds more
dominant and confident, higher pitch sounds
vulnerable, uncertain, nervous, etc. Indeed, speaking
with a higher pitch has been shown to be correlated
with higher levels of uncertainty or nervousness and
lower levels of confidence [2, 28]. Thus, the
bilinguals in this study may be speaking their nondominant language with higher pitch peaks than their
dominant language due to lower levels of confidence
or an increased level of nervousness that they may
have while speaking their non-dominant language.
The results of pitch span can be interpreted as a
function of the results of L and H tone height. As all
speakers demonstrate lower L tones in Spanish, the
greater differences between K’ichee’ and Spanish
pitch spans can be seen among the bilinguals that
have higher H tones in Spanish: the K’ichee’dominant bilinguals.
In conclusion, this study adds to our knowledge of
language-specific pitch ranges among bilinguals, as it
is one of the first to include language dominance in
such an analysis. Following [34], this study provides
further examples of how social and cultural factors
may influence different aspects of bilinguals’ pitch
ranges in both of their languages. Although sex was
not a significant factor in this study, this of course
does not mean that it is not an important factor
overall, as previous studies have demonstrated [14,
25, 34].
These findings have applications in fields such as
forensic phonetics and speech-based technology.
Previous work has shown that speaker perception
needs to take into account factors such as the
emotional state of and the language being spoken by
the individual [28, 30], and this study indicates that
the language dominance of bilingual individuals
needs to be considered as well.
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6. APPENDIX
K’ichee’ Materials
Phrase (target word in bold)
Gloss
Xkam le umam iwir.
‘Her/his grandfather died
yesterday.’
Xpe le unan kamik.
‘Her/his mother came
today.’
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Xwar le uch’utinan iwir.
Xtzaq le rixnam jela’.
Xoq’ le unan chaq’ab’.
Xpe le uch’utinan ojer.
Xul le rixnam waral.
Xel le umam chaq’ab’.
Xkos le unan iwir.
Xwa’ le rixnam waral.

‘Her/his aunt slept
yesterday.’
‘His sister-in-law fell
down over there.’
‘Her/his mother cried at
night.’
‘Her/his aunt came a
while ago.’
‘His sister-in-law arrived
here.’
‘Her/his grandfather left
at night.’
‘Her/his mother got tired
yesterday.’
‘His sister-in-law ate
here.’

Spanish Materials
Phrase (target word in bold)
Gloss
Juana la mam bailó.
‘Juana the Mam danced.’2
El señor Adán habló.
‘Mr. Adam spoke.’
El viejo alemán corrió.
‘The old German man ran.’
La señora Guzmán canto.
‘Mrs. Guzman sang.’
El viejo mam bebió.
‘The old Mam man drank.’
El señor alemán lloró.
‘The German man cried.’
La señora Guzmán gritó.
‘Mrs. Guzman yelled.’
El viejo Adán bailó.
‘The old(er) Adam danced.’
El viejo Mam comió.
‘The old Mam man ate.’
Juana la Mam habló.
‘Juana the mam spoke.’
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1
Although the terms F0 and pitch are not necessarily
equivalent, as pitch is a perceptual property of frequency,
these terms are used interchangeably here following
previous studies [e.g., 25].
2
Mam is used to refer to the Mayan language or as an
ethnicity-denoting adjective in Guatemalan Spanish.
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consonantal phonemes of Piuma Paiwan [2].

ABSTRACT
This paper examines phonetic correlates of voiceless
stop phonemes and innovative word-level prosody
of an indigenous language in urban migration
communities, where Mandarin and Taiwanese are
the primary languages for communication. Two
groups of the Paiwan speakers participated in the
investigation: first and second generations in the
urban communities, with respectively frequent and
infrequent contact with traditional Paiwan villages in
Southern Taiwan. Results show that palatal and
uvular stop phonemes produced by the secondgeneration speakers were undergoing extensive
mergers. Measurements of pitch and duration of
vowels show that prosodic prominence produced by
the second-generation speakers was not consistent
with that attested in traditional Paiwan villages.
Phonetic innovations could be resources for the
production of the Paiwan language and the
perception of their own values as individuals in the
migration communities.
Keywords: voiceless stop, word-level prosody,
Austronesian, Paiwan, migration
1. INTRODUCTION
Paiwan is a minority Austronesian language spoken
in mountain and plain areas of Pingtung and Taitung
Counties, Taiwan. Paiwan has different phonological
structures and prosodic representations from other
languages such as Mandarin and Taiwanese spoken
in its geographically contiguous districts. The
Paiwan language is notable for its large number of
consonantal phonemes, compared with the other
Formosan languages. The traditional Paiwan
language does not show extensive mergers and splits
among stops. Paiwan language has parallel palatal
stops which are rarely attested in the other Formosan
languages. The importance of Paiwan has been
mentioned in Ferrell’s [1] dictionary. The major
phonological change among the Paiwan dialects lies
in the palatal stops, palatal lateral, and uvular stop
[2]. Palatal and uvular stops are attested in native
Piuma Paiwan, Kulalau Paiwan, and Sinvaujan
Paiwan but are absent in Stimul Paiwan and some
other dialects in Northern Paiwan. Table 1 shows
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Table 1: Consonantal phonemes of Piuma Paiwan
Lab

Alv

Ret

Pal

Vel

Uvu

Gtl

Stop

p b

t d



c 

k g

q



Fric.
Affr.
Trill
Nas.

v

s z
ts
r
n

m




Lat.
Glid.

(h)

w


j

Due to frequent language contact with Mandarin
and Taiwanese in the migration communities in
urban Central Taiwan, voiceless stop phonemes and
prosodic features of lexical stress produced by
young speakers deviate from those produced by
traditional village aborigines in the Southern Taiwan.
Chen [2] [3] has found that the Paiwan informants in
traditional villages under the age of fifty tend to
randomize prosodic patterns in their speech and lose
the prosodic features of the ancestral tone. Young
speakers of Paiwan are able to say a Paiwan lexical
word, as many second language learners can do, but
the change of prosodic patterns in their speech could
result in misunderstanding of communication or the
loss of verbal arts.
Sound patterns can operate as abstract
phonological rules [4]. Three candidates for
inclusion in the set of phonetic universals were
proposed, including intrinsic vowel duration,
extrinsic vowel duration, and voicing time. The three
assumed phonetic universals are not automatic
results of speech physiology. They are at least in
part determined by language-specific rules [4] [5]. In
the case of voicing time, for instance, none of the
patterns found is universal, and the patterns are a
key to the relation among physical motivation,
phonetic rules, and the grammar [6]. Traditional
Piuma Paiwan has bilabial, alveolar, palatal, velar
and uvular stops. Voice Onset time (VOT) measures
were taken for the voiceless non-aspirated stops in
urban migration communities. Voice onset time
(VOT) is defined as the interval between the release
of a stop consonant to the onset of voicing and

known to vary with place of articulation [6]. Stops
with a more extended articulatory contact have a
longer VOT [7]. VOT is shortest before bilabial
stops in cross-linguistic studies [8]. Although some
differences in VOT may be determined by
aerodynamic factors, others simply reflect the
behaviour associated with a particular language, as
studies on VOT have revealed the inconsistent
variation between the stops [6]. On the other hand,
three cues including f0, duration, and intensity signal
stress across languages [9] [10] [11], but languages
may vary in how other cues correlate with stress [12]
[13] [14] [15] [16]. Pitch height, vowel durations,
and intensity were measured for the phonetic
representations of lexical stress and word-level
prosodic words in Paiwan.
This paper examines phonetic correlates of
voiceless stop phonemes and innovative word-level
prosody of an indigenous language in urban
migration communities Fieldwork in the Taichung
migration communities had been conducted to
survey the phonetic representations of voiceless
stops and word-level prosody of the Paiwan
speakers. Piuma Paiwan has bilabial, alveolar,
palatal, velar, and uvular stops while Stimul Paiwan
has bilabial, alveolar, and velar stops. Given that
phoneme mergers are important indices for the loss
of regional features in Paiwan, empirical studies
were conducted to verify the phonetic variation in
the urban migration communities.
2. METHODOLOGY
The present study is based on a corpus of speech
uttered by twenty-four speakers of Paiwan, including
first and second generations of Paiwan aborigines.
Eight male and sixteen female speakers of Paiwan
aged 12-70 participated in the recordings in the
migration communities. The speakers were divided
into two groups, first-generation and secondgeneration, with equal number in each group. The
first investigation on the phonetic variation was
conducted in both Paiwan hometowns and urban
migration communities. The major difference
between the Paiwan hometown and urban migration
communities lies in the ethnic distribution of the
residents. More than 90% of the residents in the
hometown communities were the Paiwan aborigines,
and Paiwan was the primary communication
language in the hometown villages. Each informant
in the first investigation was asked to say 800 basic
words in Paiwan. In the second investigation, word
lists and carrier sentences in elicitation were
recorded from the Paiwan speakers.
The Paiwan speakers in the urban migration
communities moved from Paiwan hometowns
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including Pinghe (Piuma), Gulou (Kulalau), Mudan
(Sinvaujan), Pingtung to Taiping, Taichung, more
than 200 miles of migration. All participants
reported no history of hearing impairments or speech
disorders at the time of the investigation.
In the investigation of the VOT, the target words
were recorded in isolation form, one repetition per
item. The structure of the sentences consisted of at
least two prosodic words, verbs plus subjects or
nouns (subject or predicate). Words for VOT
investigation in Paiwan voiceless stop consonants
are illustrated in Table 2.
Table 2: Words for VOT investigation in Paiwan
voiceless stops
CV
pi

Paiwan W1
piku

Paiwan W2
pida

Paiwan W3
pitu

pu

puk

puq

pudk

pa

padaj

pana

panaq

p

pnau

pntl

pntq

ti

tima

tikaj

tidiv

tu

tutsu

tutu

tuvu

ta

tata

tapal

takit

t

tqu

tar

tnva

ci

cipuc

cikili

cikuraj

cu

curuvu

cuvu

cugu

ca

cakit

cakaz

capaq

c
ki
ku

cvus
kisi
kutsu

cu
kina
kuku

cruq
kirats
kuka

ka

kapaz

kava

kasiv

k
qi

ki
qias

kvi
qipu

krc
qiri

qu

qua

quzu

qa

qaits

qavu

quav
qatia

q

qtsap

qtim

qcuc

The recorded data were sampled at 44,100 Hz
using Praat. The interval between the onset of the
release burst and the first glottal pulse was measured
on simultaneous waveform and spectrographic
displays. Release was recognized as a wave with
higher intensity in the waveform and a vertical
striation in the spectrogram. A total of 1440
elicitation tokens (60 X 24) from twenty-four
Paiwan speakers were measured. The data were
analysed in R, and a series of LME models was
conducted using the lme4 package. The lmerTest
package was used to obtain the p values for all the
LME models. Post-hoc pairwise comparisons were

conducted with the emmeans package. The LME
models included by-Speaker random slopes for
Place to capture the variability in Speakers’ VOT
relative to the type of Place of articulation.
Voiceless unaspirated stops produced at the back
of the oral tract have longer VOTs than those
produced at the front. The VOTs for a velar stop
tend to be longer than that for a bilabial stop, and the
VOTs for a uvular stop will tend to be longer than
that for a velar stop [6]. The investigation on VOT
covariation with places of articulation in Paiwan
predicts a uvular stop will have longer VOT among
the voiceless stops, given that the parameter of VOT
is straightforward.
Word-level prosody such as stress patterns and
prosodic variation were also investigated using
sentence carrier corpus. A Paiwan word typically
has a single primary stress in its elicitation form.
Word stress usually falls on its penultimate syllable.
Word lists in the recorded data included tata ‘ring’,
tutu ‘breast’, kaka ‘siblings’, va ‘lung’, vava
‘wine’, vat
‘nutlet’, vu ‘intensities’, vuvu
‘grandparents’. The tokens were recorded in
elicitation, one repetition per item. To avoid the
effect of final lengthening, no target words were
placed in the word-final or phrase-final positions. A
total of 576 elicitation tokens (8 words X 24
speakers X 3 times) from the Paiwan speakers were
selected for the measurements of vowel length, pitch
height, and intensity. The F0 at the temporal
midpoint of the vowel in each syllable of the target
word was measured, using the auto-correction
method. Vowel durations of the target vowels were
measured from 300Hz bandwidth spectrograms,
including the portion from the onset of the first full
glottal pulse to the offset of the last full glottal pulse
corresponding with the end of visible energy.
Average intensity of the vowels was measured for
the syllable nuclei of the target words.
3. RESULTS

Velar (p < 0.001). However, there were no
significant differences between Place Alveolar vs.
Place Palatal and Place Velar vs. Place Uvular.
Figure 1: Mean VOT of First-Generation Paiwan
Stops

In post hoc analyses for First-Generation and
Second-Generation groups, the labial stops were
distinct from alveolar and velar stops at p < 0.001,
and there was significant VOT difference (p <
0.001) between alveolar and velar stops. Palatal
stops are distinct from uvular stops at p < 0.001 in
first-generation Paiwan group, including speakers
from Gulou (Kulalau) and Mudan (Sinvaujan). In
Piuma Paiwan, there was no significant VOT
difference between palatal and uvular stops in firstgeneration group. Yet, velar stops were distinct from
uvular stops at p < 0.001 in first-generation Piuma
Paiwan group. The VOTs for labial stops tend to be
the shortest among the stops produced by secondgeneration Paiwan speakers, as shown in Figure 2.
Mergers of palatal stops to alveolar stops and uvular
stops to velar stops were attested in the secondgeneration group, regardless of their mother’s
Paiwan hometown villages.
Figure 2: Mean VOT of Second-Generation Paiwan
Stops

3.1. Voiceless stops

Results from VOT measurements are summarized in
Figure 1 and Figure 2. Tokens produced by the
second-generation speakers were separated from
those produced by first-generations, due to their
place of birth in Taichung in Central Taiwan and the
mergers of palatal and uvular stops. The dialects
Piuma, Kulalau, and Sinvaujan in Figure 2
represents the hometowns of the Paiwan mothers.
The output of the LME model of Second-Generation
Paiwan showed that there was a significant
difference between the Place Bilabial vs. Place
Alveolar (p < 0.001) and Place Alveolar vs. Place
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3.2. Word-level prosody

In most of the Paiwan dialects, the primary stress
falls on the penultimate (second-right) syllable. In
the Piuma dialect, however, the primary stress falls
on either the penultimate (second-right) or the final
(rightmost) syllable, depending on whether the
penult has a schwa nucleus and the syllable number
of the roots [2].
Results show that the duration of a stressed
vowel is 1.2 times that of an unstressed vowel
produced by the first generation speakers. Stressed
vowels average 215 Hz pitch height for female
speakers while unstressed vowels average 168Hz at
midpoints. Analyses of variance have shown that the
effect of stress was significant (p < 0.001) in the
first-generation group. The examination on stressed
vowels produced by the first-generation Paiwan
speakers indicates that phonetic correlate of pitch
tends to be the prominence of stress, consistent with
the results found in native Paiwan villages [2].
Higher pitch on the penultimate syllable is due to
stress effect, and stressed vowels tend to have higher
pitch. Stressed vowels tend to be longer than
unstressed vowels in the tokens produced by firstgeneration Paiwan speakers in urban migration
communities. No significant intensity differences
were found between stressed and unstressed vowel
in the first-generation group.
Yet, phonetic variation was attested among the
second-generation speakers. Stressed vowels
produced by the second-generation group did not
show significantly higher pitch than unstressed
vowels. The durations between a stressed vowel and
unstressed vowel produced by the second-generation
group were not significantly different.
Frequent contact with traditional Paiwan
hometown village members may facilitate the
retrieval of the aboriginal Paiwan lexicon,
phonological phonemes, and prosodic features. Firstgeneration speakers’ contact and social connections
with their native hometowns enhanced their prosodic
familiarity and appropriate assignment of stress or
word-level prosody in their Paiwan speech.
4. DISCUSSION
First-generation Paiwan speakers in the urban
migration communities also need to understand the
phonological variants among the Paiwan dialects for
better intelligibility in communication. Results show
that palatal and uvular stop phonemes produced by
the second-generation Paiwan speakers were
undergoing extensive mergers. Palatal stop /c/ was
produced as /t/ and uvular stop /q/ was produced as
/k/ by second-generation Paiwan speakers who were
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born in urban migration communities. On the other
hand, stressed syllables produced by the secondgeneration Paiwan speakers did not show higher
pitch and longer duration, indicating the phonetic
innovations spreading in the migration communities.
First-generation Paiwan speakers were aware of
the phonological variants in the urban migration
communities but held positive attitudes towards the
use of the Paiwan language. Second-generation
Paiwan
speakers
frequently
implemented
phonological mergers in their mixture pronunciation
with other Paiwan speakers. The overlapping of
Voice Onset time (VOT) measured from voiceless
velar and uvular stops was attested among the
second-generation speakers. It was also reported by
native Paiwan speakers that second-generation
Paiwan speakers in urban migration communities
alternated voiceless stops // with /q/ or / / with /k/
in various contexts, due to the contact with Paiwan
speakers from other hometowns. The investigation
of the Voice Onset Times (VOTs) is to support the
description of consonantal phoneme mergers
between the generations. The VOTs of voiceless
stops were examined in an effort to see how VOTs
vary according to places of articulation among the
Paiwan speakers in the urban migration communities.
5. CONCLUSION
In the present study, phonetic correlates of voiceless
stops and word-level prosody in Paiwan in urban
migration
communities
were
investigated.
Phonological variations such as phoneme mergers
and stress shift were attested in elicitations and
spontaneous speech. The results presented here
indicate that phonetic variation of the minority
language is part of the social practices in urban
migration communities for both first and secondgeneration Paiwan speakers. The second-generation
Paiwan speakers showed more awareness on their
phonological mergers with willingness to use the
Paiwan language.
This study investigates the phonetics of
voiceless stops and stress variation of the Paiwan
language in urban migration communities. Secondgeneration Paiwan speakers produced different
variants of voiceless stops and prosodic patterns
from their parents. It is suggested that positive
attitudes towards generational pronunciation
differences of the aboriginal language in urban
migration communities relies on appropriate
linguistic support. Phonetic innovations could be
resources for the production of the Paiwan language
and the perception of their own values as individuals
in the migration communities.
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ABSTRACT
Gender identity plays a role in speech production,
distinct from the effects of biological sex, including
pitch and intonation. Women generally produce
higher vocal pitch than men, but this is subject to
cultural norms. Women and men also differ in
intonation patterns. Transgender men and women
tend to pattern according to their gender identity,
rather than biological sex, in terms of both vocal pitch
and intonation characteristics.
Little is known about the speech of those who do
not identify as men or women and instead identify as
non-binary. We measured the average vocal pitch and
observed intonation patterns of native American
English speakers which included 9 non-binary people
and compared these to the same measurements of 11
men and 10 women. Non-binary people produced
their pitch, as well as their intonation, in ways that are
different from both men and women.
Keywords: transgender, non-binary, fundamental
frequency, intonation, sociophonetics
1. INTRODUCTION
Vocal pitch (F0 and intonation) are influenced by
biological, cultural, and sociological factors,
including gender. The voice is one way we perform
and perceive gender, and an application of phonetic
research is voice-therapy for transgender clients who
wish to speak more like their target gender. Little
research has examined those who do not identify as
male or female and who identify instead under the
“non-binary” umbrella. We sought to identify vocal
pitch characteristics and intonation styles of nonbinary speakers and to compare them to women and
men.
2. GENDER AND PITCH

vocal fold length 60% longer than that of females,
which causes their voices to be generally lower than
that of females [4]. Across language and culture,
female norms include a mean pitch of 196-224 Hz,
with an average range from 145-275 Hz and male
norms include a mean of 107-132 Hz and an average
range from 80-165 Hz [3].
2.2 Sociological Factors and Pitch

Beyond biology, gender norms and roles also play an
important role in pitch production. In a study which
compared Japanese and Dutch speaking women who
were cis-gender (meaning they identified with the
gender assigned to them at birth), Japanese women
produced significantly higher pitch than Dutch
women, controlling for biological factors [9]. Higher
voices are more desired for women in Japanese
society, so the difference was attributed to gender
roles.
Research on transgender voices comes primarily
from a perception standpoint – how well are
transgender people perceived as the gender they
identify with? One study examined the perception of
gender through voice among MTF (male-to-female)
and FTM (female-to-male) speakers, finding that
speaking with more downward intonation might help
to distinguish speakers as male [6]. In terms of speech
production and perception interface, a study looked at
MTF speakers before they transitioned and found
they showed a higher F2 value for /a/ which correlates
with a more feminine voice and also which notably,
the listeners found more natural [7]. From the
production side, fewer studies have been done. One
study involving MTF speakers examined how
“spreading the lips wider and bringing the tongue
forward” [1] when speaking increases vowel formant
frequencies which mirrors cis-female formant
frequencies. Overall, perception has been used to
inform production in studies involving the
intersection of gender and pitch.

2.1 Effects of Biology and Biological Sex on Pitch
2.3 Hypotheses

Biological factors such as height/weight, hormones,
and vocal tract characteristics contribute to vocal
pitch. As we grow, our voices change, and
testosterone causes the lowering of male voices
during and after puberty. Males, have an average
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It was hypothesized that the non-binary speakers will
produce their pitch uniquely to men and women and
that they will pattern roughly in between the men and
women for average F0. It was also hypothesized that

3. METHODS & MATERIALS
Native American English speakers between the ages
of 18 and 35 were recruited for the study primarily
from the Pennsylvania State University and the
Philadelphia queer community via email and wordof-mouth. Written consent was waived and no
identifying information was collected. Participants
were recorded reading the first six sentences of
“Rainbow Passage” [5] in a quiet room with minimal
background noise whenever possible. After the
recording, they completed a survey which included
questions related to their gender identity. Their voice
recordings were analyzed using Praat for F0; an
average F0 was taken for each sentence and then
those were averaged for each speaker. Pitch contours
are described and a Tone and Break Indices (ToBI)
transcription was completed for the first sentence of
each recording. Mid-level tones were notated as high
(H*) as per previous research [2]. Statistics were
computed with SPSS [8].
3.1 Survey Questions on Identity and Expression

The survey questions confirmed that the participants
were native speakers of American English and also
assessed the following: 1) their gender identity, 2) the
sex they were assigned at birth, 3) how strongly they
felt they identify with male characteristics (on a scale
of 0 to 100), 4) how strongly they felt they identify
with female characteristics (on a scale of 0 to 100), 5)
how strongly they felt they present or dress
masculinely (on a scale of 0 to 100), 6) how strongly
they felt they present or dress femininely (on a scale
of 0 to 100), and 7) if they had received any
psychological, hormonal, and/or voice therapy in
regards to gender identity in the past or currently
Questions 3 and 4 regarding characteristics were
left up to individual interpretation, but participants
were advised that these were characteristics related to
identity, and not expression (which was assessed in
questions 5 and 6).
3.2 Participants

Of the 30 people who participated, 10 were women
(nine cis-women and one trans-woman), 11 were men
(six cis-men and five trans-men), and 9 were non-
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binary (five assigned female at birth and four
assigned male at birth).
4. RESULTS
4.1 Survey Results
4.1.1 Identity and Expression

The results of female identity/male identity and
feminine expression/masculine expression for each
group can be observed in Fig 1. Binary participants
showed a clear distinction between male and female
identity; male participants also showed a clear
distinction in gender expression while female
participants had a significant component of masculine
expression. Women (W) expressed more variation in
their identity and expression than men (M). Nonbinary (NB) participants had identity and expression
values near the midpoint of the scale.
Fig 1. Identity and Expression by Group
Identity and Expression Values by Group
Identity/Expression Rating

they would combine characteristics of male and
female intonation patterns. This is hypothesized
because the existing evidence suggest that at least
some aspects of F0/intonation are culturally and
sociologically, rather than biologically, determined
and therefore non-binary speakers will combine
and/or reject cultural elements from both gender
norms.
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4.1.2 Gender therapy

The number of participants who answered “yes” to
the questions relating to psychological therapy,
hormone replacement therapy (HRT) and voice
therapy in regards to gender identity are summarized
in Table 1.
Table 1: The number of participants in each group
who had received or are receiving gender related therapy
Women
Men
Non-binary
Cis
Trans
Cis
Trans
Psych
1
0
0
5
5
HRT
0
0
0
5
5
Voice
0
1
0
1
0

All 5 trans-men were receiving or had received
psychological and hormone therapy. Half of the nonbinary participants had received or were currently
receiving psychological and hormone therapy.

4.2 Fundamental Frequency

Descriptive statistics for each of the groups for
average F0 are shown in Table 2. Women presented
the highest average pitch and men presented the
lowest average pitch which was expected given the
norms established. The trans-men showed no
statistically significant difference for F0 from the cismen. Additionally, the trans-woman had an average
pitch (159.3 Hz) higher than that of the men and nonbinary groups; however, she did have the lowest voice
of the women.
A one way analysis of variance (ANOVA) for F0
showed a main effect of gender on pitch, p < .0001.
A multiple comparisons test using the Tukey HSD
found that the F0 for women was statistically
significantly different from the other two groups. No
statistically significant difference was found between
the men and non-binary groups (p=.089).
Table 2: Means and standard deviations for average
F0 in Hz

Gender Identity
Women
Non-Binary
Men

M

SD

198.5
144.3
119.2

18.3
36.7
18.6

The non-binary participants assigned male at birth
had an average F0 of 139.1 Hz and the non-binary
participants assigned female at birth had and average
F0 of 148.5 Hz. A t-test shows these were not
statistically significantly different (p=0.689).
Pearson’s correlations were done to look at the
relationship between the degree of “female identity”
and pitch as well as the degree of “male identity” and
pitch. Both of these were significant (p <.05). The
results are summarized in Table 3. F0 had a large
correlation with female identity and a medium
negative correlation with male identity.

these two features. For the majority of the utterance,
those who are non-binary have a steady downward
intonation – similar to cis-men – but with some
moments of rising.
Preliminary results of a ToBI analysis show that
the women produce more L+H* and L*+H pitch
accents while the men show a higher percentage of
level tones with less fluctuation (L* or H*). This is
consistent with past research on gender norms [2].
Compared to women, those who are non-binary
produce more L* or H* pitch accents. They are also
slightly less likely to use L*+H or L+H* pitch accents
than woman, but do produce these more often than
men. In another contrast to men, they are more likely
to switch between L* and H* pitch accents across
words (see Fig. 4).
Case examples which highlighted characteristic
intonation patterns from each group are shown in
Figures 2, 3 and 4.
Fig 2. Participant 3, woman

Participant 3 shows characteristic word level prosody
of women with a more varied pitch contour and a
L*+H “scooping” tone on the word “act”.
Fig 3. Participant 4, man

Table 3. Pearson’s R values and P-values for
correlations between identity values and pitch
R-value
p-value
Female identity
.732
<.00001
Male identity
-.491
.0058
4.3 Intonational Characteristics

Descriptively, the intonation patterns of the women
were much more varied with more rises and falls
across the whole utterance than men, who primarily
show less rising in pitch throughout the utterance and
a tendency for a steady drop at the end of the
utterance. Those who are non-binary appear to mix
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Participant 4 displays a steady continuous low pitch
accent across “they” and “act” with little variation
and another low pitch accent on “like” which has a
slight downdrift (decrease in pitch at the end of the
word), characteristic of male intonation.

Fig 4. Participant 7, non-binary

Participant 7 shows an alteration between a H* pitch
accent which falls to a L* and then another steady H*
tone with some, but not much downdrift at the end of
“like”. This is unique to the other two intonation
curves we have seen and highlights a trend that was
noted more often in non-binary participants than in
women or men.

recognizes the diverse ways in which people can
experience gender identity and produce their pitch as
a result.
The results for intonation are in line with what was
hypothesized. Those who identify as non-binary did
not pattern like women nor did they pattern like men.
Instead, they patterned with a combination of
intonation characteristics, indicating either a mix of
feminine and masculine traits or a neutrality – a
rejection – of both. This also validates the concept of
encoding gender identity in pitch or using it as a form
of gender expression.
While differences were seen between the women
and men groups for average F0, the average
difference was only 80 Hz. This is detectable in
speech, but this is not a tremendous difference.
Therefore, for the non-binary group, which fell in the
middle of those groups, to be statistically
significantly different from both of the other two
groups would be difficult especially with a limited
number of participants.

5. DISCUSSION
The non-binary group performed pitch
significantly differently from the women with an
average F0 of over 50 Hz less than that of the women.
While not statistically significantly different from the
men, the non-binary group did have, on average, a F0
of about 25 Hz higher than the men and thus, was
about in the middle of the women and men for F0.
The lack of a significant difference between the nonbinary participants assigned male at birth and
assigned female at birth suggest that the biology itself
is not the sole driving factor in pitch production.
Results from the Pearson’s correlation suggests a
moderately positive relationship between female
identity and pitch which is stronger than the
relationship between male identity and pitch. This
could be another reason as to why the non-binary
group did not perform significantly differently from
the men – they did not have a very high female
identity rating. Specifically, non-binary people had
near-equal maleness and femaleness, and since
femaleness contributes more towards high F0, the
same difference in identity ratings between the nonbinary and the binary groups would affect the
comparison between non-binary people and women
more than the comparison between non-binary people
and men.
It should be noted that the variation in the
women’s group cannot be understated. While they all
identified as women, they still had much more
variation in their identity than men did which impacts
pitch production. This is important and lends support
to the fact that moving away from strict boxes of
gender allows for better description of variability and
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6. CONCLUSIONS
Non-binary people produce their pitch and vary
their pitch in ways that are different from those who
are binary. The results of this study, while interesting,
should not be taken as generalizations for all those
who identify as non-binary. Even within this study,
our non-binary participants described their gender
identities in various ways including as agender,
genderqueer, and genderfluid. While all of these
identities fall under “non-binary” they may not all
behave similarly which is consistent with the large
variability we saw with our non-binary group.
Further research is needed in order to describe the
other speech characteristics of those who are nonbinary, for example in terms of vowel formants as
those have been indicated as showing effects of
gender [1] [7].
These results provide important information for
speech-language pathology and voice therapy.
Because voice therapy is one avenue for binary
transgender people who are looking to sound more
like the gender they identify as, the same could be true
for those who identify as non-binary. Additionally,
these results help to lay the groundwork for future
linguistic studies that seek to identify vocal pitch
characteristics of those who identify under a wide
range of gender identities.
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ABSTRACT
Previous studies have shown that speakers align their
speech to each other at multiple linguistic levels. This
study investigates whether alignment is mostly the
result of priming from the immediately preceding
speech materials, focussing on pitch and articulation
rate (AR). Native Dutch speakers completed
sentences, first by themselves (pre-test), then in
alternation with Confederate 1 (Round 1), with
Confederate 2 (Round 2), with Confederate 1 again
(Round 3), and lastly by themselves again (post-test).
Results indicate that participants aligned to the
confederates and that this alignment lasted during the
post-test. The confederates’ directly preceding
sentences were not good predictors for the
participants’ pitch and AR. Overall, the results
indicate that alignment is more of a global effect than
a local priming effect.
Keywords: alignment; pitch; articulation rate.
1. INTRODUCTION
Alignment (also often referred to as entrainment,
convergence or accommodation) refers to the
phenomenon that speakers adapt their speech to an
interlocutor’s speech on multiple levels (e.g.
prosodic, phonetic, syntactic). Although alignment
has been thoroughly investigated in the (recent) past,
e.g. [3, 5, 7], many empirical questions are still open.
This study investigates whether alignment is
mostly due to priming from the immediately
preceding speech materials by addressing three
questions. (RQ1) How long does alignment persist
when the interlocutor is no longer present? If
alignment exclusively results from adaptation to
recent input, it should disappear rapidly. (RQ2) Do
speakers align more rapidly to a speaker they have
been talking to before? If alignment is exclusively
driven by the immediately preceding input, this
should not be the case. (RQ3) Do the features of the
immediately preceding utterance predict how
speakers adapt their speech in a given sentence?
We investigated these questions for both pitch and
articulation rate, henceforth AR. By investigating two
prosodic features, we can see in how far the results
are feature specific, that is, whether and to what
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extent different prosodic features converge or differ
in their alignment patterns.
Previous research has shown that both pitch, and
AR are susceptive to alignment [3, 5, 7], although
conflicting results have been reported for both
features. For instance, research on pitch alignment by
Gijssels et al. [5] has shown that speakers align their
pitch to a confederate’s pitch on a turn-by-turn basis
(see also [7]), that the degree of alignment does not
increase over time, and that alignment disappears
immediately when the confederate is no longer
present. In contrast, Bonin et al. [3] reported that pitch
alignment fluctuates over time and that speakers do
not always align in every turn. Research on AR
alignment also shows conflicting results. For
instance, whereas Levitan and Hirschberg [7] found
alignment, Schweitzer and Lewandowski [10] found
divergence in AR between speaker and interlocutor,
though this effect was modulated by how much the
participant liked the interlocutor.
We addressed our research questions in a sentence
completion task consisting of five parts, which was
originally designed to investigate other forms of
alignment (phonological and syntactic). Participants
first completed sentence beginnings by themselves
(pre-test). Then, they alternated between sentence
completion and listening to sentences completions
from a confederate’s pre-recorded speech. They did
so, first with Confederate 1 (in Round 1), then with
Confederate 2 (Round 2), and then with Confederate
1 again (Round 3). After these parts, they completed
sentences by themselves again (post-test).
Our first question can be answered by comparing
(the speed of change in) pitch and AR in the post-test
with the other parts of the experiment. The second
question can be addressed by comparing (the speed of
change in) pitch and AR between Rounds 1 and 3 (the
rounds with the same confederate). The third question
can be addressed by testing whether the pitch or AR
of a given sentence is predicted by the confederate’s
pitch or AR in the directly preceding utterance.
2. METHOD
2.1. Participants

Twenty-five female native Dutch speakers, aged 18
to 26 years (M = 22.4, SD = 2.1) participated in the

experiment. Participants received course credits or
gift vouchers.
2.2. Materials

Two sets of materials were designed. The first set
contained 268 Dutch sentence beginnings that had to
be completed by the participants. These sentence
beginnings were designed to elicit as much speech as
possible. An example of a stimulus is shown in (1).
(1) Otto is een stuk vrolijker sinds…
‘Otto has been a lot happier since…’
The second set of materials consisted of 198 complete
Dutch sentences, which were uttered by the
confederates and functioned as auditory primes.
During the experiment, participants saw the
beginnings of the confederates’ full sentences on the
computer screen. These beginnings were similar in
length and grammatical structures to the sentence
beginnings the participants had to complete. The two
sets of stimuli included 205 stimuli that were adapted
from Hartsuiker and Westenberg [6].
The complete sentences were recorded by the
confederates in a sound-attenuated booth with a tablemounted Sennheiser K6/ME 64 microphone
connected to a pre-amplifier and a Roland R-05
recorder. Speech was digitised at a sampling rate of
44.1 kHz, a 16-bit quantisation. Confederate 1 (23year-old female) had an average median pitch of 224
Hz (ranging from 189 to 256) and an average AR of
5.0 syllables per second (ranging from 3.4 to 6.0),
while Confederate 2 (24-year-old female) had
averages of 215 Hz (ranging from 193 to 241) and 4.7
syllables per second (ranging from 3.4 to 6.5), see
§2.4 for the measurement method.
Six pseudo-randomised stimuli lists were
generated to make sure that, across participants, a
given sentence (beginning) appeared in different parts
of the experiment.
2.3. Procedure

Participants were tested in a sound-attenuated booth.
The participants’ speech was recorded using the same
equipment as mentioned above. The confederates’
speech was presented over Sennheiser HD 215 MKII
DJ headphones.
Participants were presented with a sentence
beginning via the Presentation software (Version
20.2, Neurobehavioral Systems, Inc., Berkeley, CA,
www.neurobs.com) in Times New Roman, font size
34, centered on the screen. They were instructed to
read aloud the sentence beginning and to complete the
beginning with whatever came to mind. In the preand post-test (both 35 trials), the participants
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completed the sentences by themselves. In Rounds 1
(60 trials), 2 (60 trials) and 3 (78 trials), the
participants alternated with the pre-recorded speech
from Confederate 1, Confederate 2, and Confederate
1, respectively. During these rounds, they saw the
picture of the respective confederate on the screen.
Participants were asked to indicate for each
sentence produced by the confederates, on a 7-point
Likert scale, whether they would finish the sentence
in the same way. This way we ensured that they paid
attention to the confederates’ speech. Instructions (‘I
would finish the sentence in the same way’ plus the
scale) were shown on the computer screen during
confederates’ trials. Participants were told that the
confederates would rate their sentences as well. The
experiment took less than one hour in total.
2.4. Measurements

Median pitch and articulation rate were calculated per
sentence in Praat [2]. Median pitch was calculated
with a script [8] which measured F0 values every 10
ms by using the To Pitch... command in Praat with a
pitch range of 75 to 500 Hz. The script cleaned the
raw values from errors resulting in pitch doubling and
halving and from values based on speech produced
with creaky voice by removing F0 values that were
more than a factor of 1.5 bigger or smaller than the
second to last F0 value. Then, the median F0 value
per sentence was calculated. We removed all
sentences with a minimum F0 lower than 110 Hz or a
maximum F0 higher than 400 Hz. After deletion of
these outliers, outliers more than 2.5 SD from the
mean were deleted, resulting in 6230 data points for
analyses (93.22% of the total).
The AR per sentence was calculated with a script
[4] using the following parameters: a silence
threshold of -25 dB (default), a minimum dip between
peaks of 3 dB and a minimum pause duration of 0.3
seconds (default). The script divides the number of
syllables (based on a number of syllable-related
acoustic properties) of a sentence by the vocalisation
time (the total time minus pauses). Outliers more than
2.5 SD from the mean were excluded, which resulted
in 6588 data points for analyses (98.58% of the total).
2.5. Statistical analysis

Linear Mixed Effects models were performed in R [9]
using the lme4 package [1]. Unless otherwise
mentioned, our dependent variable was either the
participant’s median F0 or the AR per sentence. Fixed
effects were ExperimentPart (EP) (pre-test, Round 1,
Round 2, Round 3 and post-test) and EPtrialnr, which
codes the sequential position of sentences within a
given part of the experiment. We also tested for a
potential quadratic trend of EPtrialnr, but adding the

quadratic predictor did not improve the models. We
further tested for an interaction of the two fixed
effects. Random effects were added for participant
and sentence. For the final models, we removed data
points deviating more than 2.5 SD from the predicted
values. No random slopes were added for participant
and sentence, because this caused non-convergence.
3. RESULTS
Figures 1 and 2 show the participants’ median pitch
and AR as a function of the trial number in the
experiment. Different parts of the experiment are
indicated by lines in different shades of grey. The
figures also show the confederates’ average pitch and
AR, which were generally higher than the
participants’ pitch and AR.
Figure 1: Participants’ median F0 over pre-test,
Rounds 1, 2 and 3 and post-test; lines were fitted
using lm. Points represent Confederates’ means.

Round 3 and the post-test if the alignment of Round
3 lasts in the post-test. Table 1 shows the results of
the pitch model and Table 2 of the AR model, both
with the post-test as the reference level.
Table 1: Pitch model with post-test as a reference.

Parameter
Intercept
EPpre
EPround1
EPround2
EPround3
EPtrialnr
EPpre:EPtrialnr
EPround1:EPtrialnr
EPround2:EPtrialnr
EPround3:EPtrialnr

Estimate
212.618
-5.398
-2.784
1.261
-0.650
-0.061
0.031
0.084
0.022
0.062

SE
3.704
0.869
0.795
0.789
0.754
0.030
0.042
0.033
0.033
0.032

T value
57.40
-6.21
-3.50
1.60
-0.86
-2.01
0.75
2.52
0.67
1.95

Table 2: AR model with post-test as a reference.

Parameter
Intercept
EPpre
EPround1
EPround2
EPround3
EPtrialnr
EPpre:EPtrialnr
EPround1:EPtrialnr
EPround2:EPtrialnr
EPround3:EPtrialnr

Estimate
4.414
-0.247
-0.128
-0.056
-0.012
-0.003
0.006
0.005
0.002
0.003

SE
0.063
0.052
0.047
0.047
0.045
0.002
0.003
0.002
0.002
0.002

T value
70.30
-4.74
-2.72
-1.18
-0.26
-1.77
2.53
2.37
1.16
1.46

Tables 1 and 2 show that participants did not
immediately return to their habitual median pitch and
AR in the post-test, as there are statistically
significant differences between the pre-test and posttest. This is further supported by the lack of
significant differences between the post-test and
Round 3. Furthermore, participants gradually
returned to their habitual pitch in the post-test as
reflected in a significant effect of EPtrialnr within the
post-test. This is not the case for AR.

Figure 2: Participants’ AR over pre-test, Rounds 1,
2 and 3 and post-test; lines were fitted using lm.
Points represent Confederates’ means.

3.2. RQ2: Difference between Round 1 and Round 3

3.1. RQ1: Difference between post-test and other parts

To see whether alignment lasts when the confederate
is no longer present, we compared the post-test to the
other parts of the experiment. If alignment lasts in the
absence of the interlocutor, we would expect a
significant difference between the pre-test and the
post-test, reflecting that the participant’s pitch and
AR do not immediately return to the level of the pretest. We would further expect no difference between
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To see whether speakers aligned more rapidly to
Confederate 1 in Round 3 than in Round 1, we
focussed on the differences between Round 1 and
Round 3. If participants aligned more rapidly, i.e.
within the first few trials, in Round 3 than in Round
1, this should result in an overall positive significant
difference in median pitch and AR between Rounds 1
and 3. More rapid alignment could also be reflected
in a positive statistically significant difference in the
effect of EPtrialnr, i.e. an interaction between
EPtrialnr and Round. Tables 3 and 4 show the models
of Tables 1 and 2, with Round 1 as the reference.

Table 3: Pitch model with Round 1 as a reference.

Parameter
Intercept
EPpost
EPpre
EPround2
EPround3
EPtrialnr
EPpost:EPtrialnr
EPpre:EPtrialnr
EPround2:EPtrialnr
EPround3:EPtrialnr

Estimate
209.834
2.784
-2.615
4.045
2.134
0.023
-0.084
-0.053
-0.062
-0.022

SE
3.681
0.795
0.778
0.661
0.636
0.014
0.033
0.033
0.019
0.016

effect of the pitch or AR of the preceding sentence
produced by the confederate on the following
participant’s sentence. The models showed that the
preceding median pitch and AR did not have a
significant effect on the participants’ pitch (β = 0.012,
t = 0.91) and AR (β = 0.005, t = 0.37), indicating that
alignment was not a local turn-by-turn effect.
We also studied locality of the alignment effects
by analysing the difference between the participant’s
median F0 and AR and the confederate’s median F0
and AR in the directly preceding prime. We tested the
same models as in §3.1 and §3.2, but replaced the
participants’ F0 and AR by the absolute values of the
difference scores. Results showed that there were no
statistically significant effects of EPtrialnr for any of
the three rounds. This suggests alignment on a turnby-turn basis did not increase within any round.

T value
57.00
3.50
-3.36
6.12
3.35
1.68
-2.52
-1.60
-3.30
-1.33

Table 4: AR model with Round 1 as a reference.

Parameter
Intercept
EPpost
EPpre
EPround2
EPround3
EPtrialnr
EPpost:EPtrialnr
EPpre:EPtrialnr
EPround2:EPtrialnr
EPround3:EPtrialnr

Estimate
4.286
0.128
-0.119
0.072
0.116
0.001
-0.005
0.005
-0.002
-0.002

SE
0.058
0.047
0.047
0.040
0.038
0.001
0.002
0.002
0.001
0.001

T value
74.18
2.72
-2.55
1.83
3.06
1.82
-2.37
0.86
-2.12
-1.97

4. DISCUSSION

Tables 3 and 4 show statistically significant
differences between Rounds 1 and 3 for both pitch
and AR. This could mean that speakers aligned very
rapidly in Round 3, but see §4. We do not see positive
values for the interaction between Round 3 and
EPtrialnr. This means that participants did not align
more rapidly throughout Round 3 than in Round 1.
There is one potential caveat to this pattern of
results. Because Rounds 1 and 3 do not consist of the
same number of trials (see §2.3 above), the
differences between the rounds could simply be due
to this length difference. To control for this
possibility, we checked whether the results change
when we only analyse the first 60 trials of Round 3
(so it contains the same number of trials as Round 1).
This analysis did not show any important changes in
the pattern of results.
3.3. RQ3: Locality of Pitch and AR alignment

We finally investigated whether participants aligned
to the immediately preceding utterance produced by
the confederate, i.e. whether they aligned on a turnby-turn basis. We therefore added the median F0 or
AR of the immediately preceding sentence produced
by the confederate as a fixed predictor to the models
discussed above. Furthermore, we analysed the data
from only Rounds 1, 2, and 3, excluding trials with
outlier values from the confederates. In these models,
turn-by-turn alignment should be reflected as an
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We investigated alignment of two prosodic features.
The main results are as follows. First, speakers do not
immediately go back to their habitual pitch and AR
when they no longer hear the interlocutor. This differs
from the findings by Gijssels et al. [5], who found that
participants’ pitch immediately returns to a speaker’s
base value in the interlocutor’s absence. Our results
thus suggest that alignment has more long-lasting
effects than suggested before.
Second, we saw a difference in overall pitch and
AR between Rounds 1 and 3, with the same
confederate. This could mean that participants
aligned very rapidly, within the first few trials of
Round 3, when they heard Confederate 1 again.
Alternatively, it could be a spill-over effect from
Round 2 (with a different confederate). This
alternative could be tested, for example, by having
participants finish sentences by themselves again in
Round 2 instead of alternating with Confederate 2.
Lastly, unlike Gijssels et al. [5] and Levitan and
Hirschberg [7], we did not find effects from the
immediately preceding utterance. Taken together,
these results indicate that alignment is not the
exclusive result of immediate local priming from an
interlocutor’s preceding utterance, but rather a more
global effect.
Although participants globally aligned to the
confederates in both median pitch and AR, our data
also show differences between median pitch and AR
alignment (e.g. the effect of EPtrialnr in the post-test).
Alignment of different prosodic features does thus not
behave the same in all aspects in this experiment.
In conclusion, the present study suggests that
prosodic alignment of pitch and AR is more than a
local reaction to the acoustic characteristics of the
immediately preceding utterance.
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ABSTRACT
Tempo of speech and phonetic reduction are closely
related and differ in their spatial distributions. The
SpuRD-project (Sprechtempo und Reduktion im
Deutschen) focusses on this web of relationships and
their spatial variation for the whole German-speaking
area in central Europe. Using standard-intended
reading material in normal and fast reading tempi, an
array of reduction phenomena is analysed to find
whether they are caused by tempo or whether they are
independent variants of a limited linguistic area. The
results reported here show on a macroscopic level that
the spatial distributions of temporal characteristics
such as the duration of articulation and the degree of
segment reduction do not coincide everywhere, but
have independent distribution areas especially at a
higher tempo. That means that articulation rate is
composed of regionally varying temporal and
segmental features. For explanations of this
macroscopic variation the material is analysed with
regard to particular microscopic variation with
independent spatial distributions.
Keywords: speech tempo, reduction, geophonetics,
regional variation
1. INTRODUCTION
Speaking ‘standard’ means, at least for German,
speaking without using salient regional pronunciation
features [15, 11]. Most speakers are likely to use
regionally accepted variants of the standard, some of
which are well documented [1, 6]. However, regional
prosody within the standard has not yet been
investigated. There is much work concerning reduced
forms, especially so called weak forms [14, 22].
However, these studies are mostly based on a corpus
labelled as “standard material”, which in fact contains
mainly material from standard speakers of the
northern German-speaking areas. Admittedly, there is
a certain difference between “best standard in use”
and its assessment [11]: the northern variant normally
is assessed as the better standard. Nevertheless,
variants of the middle and southern German area as
well as those of Austria, Switzerland, Luxembourg,
East Belgium, and South Tirol cannot simply be
ignored. We therefore know little about segmental
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reduction behaviour in these regions and how it
correlates to the codified or accepted reduction forms
of the (northern) standard. We also know little about
regional variation in temporal organization strategies,
particularly the intrinsic tempo of spoken German,
which is essential to temporal and segmental
reduction processes. Finally, the entanglement of
these factors when speech tempo is changed needs to
be investigated.
2. THE MISSING LINK
2.1. Prosodic variation and space

The disadvantages of most of the studies considering
speech tempo and space [17 for an overview] are
twofold. Firstly, measurements of speech tempo are
mostly set globally, meaning as average values by
utterance. These measurements only find whether
there are tempo differences, but not where these
differences come from. Global measurements like
articulation or speaking rates using words, syllables,
or phones per time frame and including or excluding
pauses have one thing in common: they do not reflect
the details of varying temporal organisation
strategies. For two hypothetical realisations of the
same sentence from speakers of different regions we
could obtain the same articulation rate value, but
diverging temporal strategies. These could be, for
instance, different final lengthening, varying intrinsic
vowel or consonant durations, assimilations,
deletions, or combinations of these factors.
Therefore, we investigate both global statistical
differences and the particular reasons for these
differences.
Second, the conceptualisation of language space is
often limited to the categories of traditional dialect
classifications or even to countries or particular
states, hindering insight into spatial continua.
Moreover, traditional classifications of German
dialect areas [2, 16, 21] are based on data collected in
the late 19th century and are mainly based on
phonological and morphological features. For this
time span of about 140 years, one could likely assume
some areal changes. What relationship do these
traditional dialect areas have to prosodic variation in
standard-intended German? It cannot be taken for
granted that current variation in tempo-related

features of standard-intended German necessarily
coincide spatially with dated findings of phonological
and morphological variation. Therefore, we use maps
which are suitable for illustrating spatial continua and
can be compared to the traditional dialect areas.
2.2. Combining the factors

Dressler [5] mentions that variants caused by fast
speaking are often difficult to distinguish from
seemingly identical variants of a particular regional
dialect. He shows that Breton dialects exhibit
regionally varying tendencies of vowel centralisation
in fast speech (‘allegro’). These findings on the
relationship between area and reduction inspired us to
identify regional variation in temporal pronunciation
features in German-speaking Europe [10]. On the
basis of 67 predominantly Federal German locations
we can show (1) that there is regional variation for
both articulation rate (segments/sec) and degree of
reduction (measured as segment deletion ratio); and
(2) that although these factors are closely interwoven,
there is no simple correlation. The complex interplay
between speech tempo, phonetic reduction, and
regional variation needs to be studied in detail,
especially in order to understand the composition of
global measurements. This paper summarizes the
progress of our investigations within the SpuRDproject.
3. SPURD-PROJECT
3.1. Aims of the project

The general aim of this project is to disentangle the
interwoven relationships between speech tempo,
reduction, and regional space, considering the whole
German language area. Therefore, in a first step we
test spatial variation for several measures of speech
tempo and reduction indices on a macroscopic level.
Since we can assume that this macroscopic variation
accumulates from microscopic variation phenomena,
we also study the regionally varying details of
temporal organization as well as reduction
preferences. Furthermore, we investigate how
reading faster affects these spatial structures.
3.2. Material

We use reading material from the German Today
corpus [4] which contains two separate readings of
the German version of The North Wind and the Sun,
which were read in a normal and a fast tempo. In total,
1,494 recordings are available from a younger (17–19
years, high school graduates) and an older generation
(50–60, adult education classes), males as well as
females, who originate from 195 locations in Austria,
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Belgium, Germany, Liechtenstein, Luxembourg,
South Tirol, and Switzerland. However, the location
density differs for the age groups, 165 locations are
available for the younger generation and only 79
locations for the older generation. The subjects had
no professional speaker training. The recordings were
made in a formal interview situation during class in a
quiet classroom. The preliminary results presented
here are based on 274 alreadly transcribed recordings
of the younger males from 119 locations, which have
been presegmented automatically at the sound level
with WebMAUS [12] and manually corrected in Praat
[3].
3.3. Methods: Measurement and mapping

Apart from the well-known disadvantages of using
scripted and formal linguistic utterances, reading
material provides the clear advantage of comparing
variables one-to-one in the same environment.
Geospatial comparability can only be achieved
through this. The individual transcripts are compared
with the canonical transcript that corresponds to the
standard pronunciation. Thus it is possible to gain
insights into spatial variation in the same linguistic
elements, recognizing regional reduction strategies
and not only average differences for a whole text or
utterance. The accurate manual segmentation allows
for measuring the sound segments in duration, pitch,
intensity, and spectral qualities, as well as for global
measurements on the text level for a general
comparison.
Duration values for the sounds were automatically
extracted with a Praat script. Segments that were
labelled as slips of the tongue, as well as pauses that
were not occlusions of plosives, were excluded. The
maps presented in Figure 1 illustrate the spatial
distributions of the following measurements: duration
of articulation (ArtDur in sec) measures the time,
minus pauses and slips of the tongue, that the
speakers needed to read the text; articulation rate
(ARsyll in σ/sec) measures the number of syllables
realized per ArtDur; the reduction index segment
deletion ratio (SDR in %) indicates the percentage of
canonical sounds deleted.
We use ArcGIS [7] for mapping. The measured
and averaged values for every location are transmitted
to voronoi polygons to get a surface impression of the
spatial distributions. A local smoothing method is
further applied to flatten individual variation in the
data. Hence, each polygon contains not only the
values for the speakers of the location it represents,
but the median value of itself and its direct
neighbours. Finally, the data is classified into 10
classes with the natural breaks or Jenks algorithm
[16], which is less arbitrary with class limits,

reflecting instead variation within the data itself by
minimizing the intra-class variation and maximizing
the inter-class variation; this method helps to detect
variance due to geographical space.
4. ANALYSIS
4.1. Macroscopic patterns

Table 1 gives an overview of the macroscopic
measurements for the total data and subdivided for
normal and fast tempo. As expected, the ArtDur
decreases from normal to fast reading, while the
values for SDR and ARsyll increase. In every case the
ANOVAs show a highly significant influence of
tempo. More interesting is the fact that the respective
standard deviations increase with fast reading, indicating greater variation, which is a reinforcement of
regional patterns for fast speech.

large regional dialects (Low, Middle, and Upper
German, each divided into an Eastern and Western
part) according to traditional classifications [21]. For
SDR, both ANOVAs yield highly significant results,
while for ARsyll and ArtDur only those for normal
tempo condition are significant. But considering the
maps, the problem of this approach reveals itself. The
dialect classification and the distributions of the
mapped measurements rarely coincide. Rather, we
find large variation within the dialect groups,
especially for ARsyll and ArtDur. For SDR, the areas
coincide better, i.e. with less internal variation, which
in this case explains the high significance of the
ANOVAs.
Figure 1: Overview: ArtDur, SDR, and ARsyll for
the whole German language area in central Europe
(on the left: normal tempo, on the right: fast tempo).

Table 1: ArtDur, SDR, and ARsyll, Mean and SD,
ANOVA by tempo.

ArtDur
SDR
(sec)
(%)
Mean SD Mean SD
total
28.8 3.7 11.5
4
normal 31.5 2.2 9.9
3.2
fast
26.0 2.6 13.2 4.2
ANOVA
F(1,273)
F(1,273)
by
=351.87,
=53.26,
tempo
p<.0001*
p<.0001*

ARsyll
(σ/sec)
Mean SD
6.4
0.8
5.8
0.4
6.9
0.7
F(1,273)
=262.85,
p<.0001*

Figure 1 shows the spatial distributions for the global measurements of ArtDur (in sec, excl. pauses), the
SDR (in %) and the ARsyll (in σ/sec, excl. pauses) for
the normal and fast reading conditions. The
classification of the values using the natural-breaks
method makes it possible, despite significantly
changed values between normal and fast reading, to
map the variation inherent in the data. Figure 1 shows
that the spatial structures for the measurement are
highly congruent between tempos and sharper in
shape when read fast, which partly explains the higher
SD for the fast condition. This similarity of spatial
structures strongly suggests that there is regional
intrinsic variation with regard to temporal
organization and the degree of reduction. Figure 1
also shows that the continua of value distributions do
not correspond well with the black-marked borders
between the traditional German regional dialects.
This, in turn, suggests that prosodic variation in
standard-intended pronunciation probably also
shapes independent spatial structures that cannot be
predicted from the traditional dialect areas. Table 2
lists the results of the ANOVAs by dialect area. The
locations of the study area were assigned to the 6
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The spatial patterns for ArtDur and ARsyll match
very well to each other, reflected in a strong negative
correlation of r=-0.88 (Table 3). Areas in which
speakers need more articulation time to read the text
are simultaneously areas with low syllable rates, and
vice-versa. However, such a correlation does not exist

between the duration or tempo measures and the
reduction index. Here, the correlations are regionally
variable. For example, East Middle German shows
high ArtDur (and low ARsyll), and according to the
SDR values, low segmental reduction. East Upper
German in the South, on the other hand, shows
similarly low reduction values with on average
significantly lower ArtDur (and higher ARsyll).
Table 2: One Way ANOVAs by dialect region for
ArtDur, SDR, and ARsyll.

ArtDur (normal)
ArtDur (fast)
ARsyll (normal)
ARsyll (fast)
SDR (normal)
SDR (fast)

ANOVA
F(1,138)=3.28, p=.008*
F(1,134)=1.72, p=.1351
F(1,138)=2.64, p=.0261*
F(1,134)=1.04, p=.3996
F(1,138)=10.01, p<.0001*
F(1,134)=6.86, p<.0001*

In addition, it is noticeable from Table 3 that the
correlation strength decreases in all cases with higher
speech rate, suggesting that temporal organization
and segmental reduction are intertwined but
nevertheless independent prosodic systems with
independent spatial distributions.
Table 3: Pearson product-moment correlations.

Pearson product-moment correlations
ArtDur : ARsyll (normal) r=-0.88, p<.0001*
ArtDur : SDR (normal)
r=-0.38, p<.0001*
ARsyll : SDR (normal)
r=0.23, p=.0068*
ArtDur : ARsyll (fast)
r=-0.70, p<.0001*
ArtDur : SDR (fast)
r=-0.34, p<.0001*
ARsyll : SDR (fast)
r=0.15, p=.0131*

project we have analysed the realisation of schwa
between nasals [9]. The syncope of schwa is
dependent on speech tempo, but there is also a
geographical impact. While in the north schwa has
disappeared in both tempi, it is preserved in the
Bavarian area. In the transition zone, the syncope of
schwa is more dependent on tempo, which means that
schwa in these regions is more likely to become part
of the reduction mass when the tempo is increased,
while the Bavarian area remains largely insensitive to
this form of reduction. Furthermore, we have studied
the temporal realisation of the fortis-lenis contrast [8].
We find a geographical distribution of areas with both
large and small temporal contrasts.
In both analyses, the spatial distribution is
partially coherent with dialectal structures. Further
analyses are planned, e.g. for the intrinsic duration of
sounds and the realisation of the opposition between
short and long vowels. We will try to identify those
elements by factor analysis that can explain the main
part of macroscopic variation. We also look at tempoinduced changes in sound quality. Elsewhere we
show that vowel space size is geographically
distributed – distinctly from traditional dialect
boundaries – and that an increase in tempo results in
a change of the vowel space which is dependent on
the size of the vowel space in normal tempo, insofar
as larger vowel spaces are reduced, while originally
small spaces are enlarged [19].
5. CONCLUSION

It is precisely this ‘dependent independence’ that
makes this object of research so complex. Moreover,
it is important to be aware that regions with
macroscopically identical or similar values for
articulation duration may have very different
microstructures. The language material used here
may not by any means capture all possible variation,
but due to the direct comparability of the utterances it
is appropriate to show reliable regional tendencies. In
the following section, some of the microscopic
variations are sketched, which in their sum lead to the
macro-variation illustrated above.
4.2. Microscopic patterns: Exploring the reasons

In addition to the above analyses of global measures,
different segmental, temporal, and spectral aspects
are now analysed, allowing us to find partial
explanations for geographical structures and detect
interactions of different factors. So far in the SpuRD-
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Overall, this paper has shown that reading tempo,
articulation rate, and segment reduction are clearly
correlated, but that their linkage is complex,
especially due to regional variability. Macroscopic
and microscopic analyses must go hand-in-hand, as
these relationships can only be disentangled with both
perspectives. Therefore, in addition to investigating
phonetics, the sociolinguistic dimension of this
phenomenon must also be considered.
Furthermore, new methods, especially from the
geosciences (such as hot spot analyses), should be
tested and adapted for our purposes in order to be less
dependent on both traditional and modern dialect
classifications. These classifications are unsuitable
for exploring the spatial structures of prosodic
variation, as they are based on other linguistic levels
and provide insufficient linguistic space for statistical
analysis.
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ABSTRACT
Dialects of Italy are a good reference to show how
prosody plays a specific role in terms of diatopic
variation. Although previous experimental studies
have contributed to classify a selection of some
profiles on the basis of some Italian samples from this
region and a detailed description is available for some
dialects, a reference framework is still missing. In this
paper a collection of Southern Italo-romance varieties
is presented: based on a dialectometrical approach,
we attempt to illustrate a more detailed classification
which considers the prosodic proximity between
Sicilian samples and other dialects belonging to the
Upper Southern and Southern dialectal areas. The
results, based on the analysis of various corpora,
show the presence of different prosodic profiles
regarding the Sicilian area and a distinction among
the Upper Southern and Southern dialects.
Keywords: dialects of Italy, geoprosodic variation,
dialectometry, cluster analysis.
1. INTRODUCTION
Dialects of Italy are autonomous linguistic systems
characterised by specific prosodic patterns. In fact, as
documented in various studies ([2] and [5] among
others), the analysis of the suprasegmental features
suggests a differentiation of dialectal varieties
according to a geoprosodic representation. If we
focus on the Southern area, except for some studies
on regional Italian ([12], [14]) and specific dialects
([3], [4], [17]), we still do not have a reference
framework providing a deep prosodic description.
Moreover, in the wake of previous studies based on a
dialectometrical approach ([8], [19]), we are now able
to classify and represent data in terms of prosodic
distances ([16], [15], [12]). Since the intonation
system(s) of Sicily has/have not been exhaustively
explored except for some regional varieties of Italian
(see [7], [9], [10]), the present study aims at giving a
first overview of the potential prosodic patterns found
in this area (including Gallo-Italic alloglots such as
Piana degli Albanesi - Palermo and San Fratello Messina). We subsequently classify the data in terms
of geolectal and sociolectal types. We apply a cluster
analysis to observe how prosodic patterns are grouped
together.
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At a second stage, we select the most frequent pattern
found in the data for each modality (also closest to the
description provided by [10]) and compare it with
other Southern Italo-romance varieties with the aim
of verifying a potential similarity with other Southern
and Upper Southern varieties.
2. METHODOLOGY
2.1. Materials and speakers

For the first experiment, data was part of a more
extensive
corpus
available
online
(http://www.lfsag.unito.it/ark/trm_index.html,
see
also [4]). We select 31 out of 40 recordings
representing 21 Sicilian dialects (9 of them were
discarded because their intonation was considered
either too close to Standard Italian or underspecified
in terms of prosodic strength). In this corpus, speakers
read a short text according to their specific dialectal
lexicon. In most of the cases, a limited amount of
dialectal differences was present in each text.
Speakers were aged between 18 and 32 (9 men and
22 women). For the dialectometrical analysis, we
retained a selection of the sentences with the same
syllabic structure and stress positions. A second
corpus for the interdomain comparison consisted of a
series of sentences with a SVO structure, uttered in
both declarative and interrogative modality, based on
previous works [3, 18]. A complete set of utterances
of a speaker from Pollina-Palermo has been chosen as
the most representative of the dominant type and
compared to similar sets from four speakers of the
Upper Southern varieties (Salerno, Foggia, Bari,
Taranto) and two other Southern speakers (Lecce).
Speakers were aged between 25 and 53 and spoke
their dialect since they were children but they speak
Italian as well. None of the speakers reported any
speech or hearing problems. Before measurements
were performed, the recorded utterances were
informally evaluated with the help of native speakers.
2.2. Procedures

Speech materials were recorded in a soundproof room
by means of a TASCAM DR–40 digital recorder at a
sampling rate of 44100 Hz. Speech files were
subsequently resampled at 16000 Hz using
Goldwave. For the first experiment, the speakers read
the text twice to have a minimum choice while, for

the second one, sentences were repeated at least three
times.
2.3. Annotation and measurements

The utterances were segmented and labelled at
several annotation levels. Files were subsequently
processed through a series of different scripts and the
main prosodic cues (f0, duration, intensity) were
extracted and organised in specific data files. In a
second moment, we applied a correlation
measurement to the normalised values and evaluated
the prosodic distance on the basis of a confusion
matrix. The formula behind the calculation (see [16],
[18], [13]) took into account a sample of f0 values
weighted with duration and the signal energy
associated to the point where the measurements were
taken (a particular importance has been accorded to
the most perceptively pertinent segments, as
suggested by [11] and [15]). Data were finally
normalised.

Figure 2: Pitch patterns for the same question in
different dialects (Rosolini, Noto, Pachino, Alcamo,
Agrigento, Trapani -2 speakers-).

The type in Fig. 3 is distinguished for a mainly falling
trend beginning from the pre-nuclear vowel.

3. RESULTS
3.1. How many prosodic patterns?

For the first experiment we analysed the prosodic
contours of each sample and grouped them according
to their final prosodic scheme. Four main contours
were found: rising-falling, aligned with the nuclear
vowel or delayed (Fig. 1 and 2), total falling (Fig. 3)
or falling-rising (Fig. 4). Fig. 1 shows the profiles for
the total question ti piacìu stu cuntu? (6 syllables)
“did you like the story?” for 5 productions (light) of
the following dialects: Agrigento, Palma di
Montechiaro, and Trapani. The average pattern,
which has been auditively assessed and judged as a
possible pattern, is shown in blue.

Figure 3: Pitch patterns for the same question in
different dialects (Capo d’Orlando, Lipari, Ragusa,
Modica, Vittoria, Erice, Castellamare, Pollina,
Polizzi, Palermo -4 speakers-).

On the contrary, the pattern in Fig. 4 shows a fallingrising trend, coinciding with the other typical contour
already described for the varieties of East-Sicilian
regional Italian (see [2] and [9]).

Figure 4: Pitch patterns for the same question in
different dialects (Gela, Catania, Acireale,
Acibonaccorsi, Grammichele, Zafferana Etnea, San
Fratello, Agrigento).

Figure 1: Pitch patterns for the same question in
different dialects (Agrigento, Trapani, Palma di
Montechiaro).

Fig. 2 presents an average profile similar to the
previous one except for the alignment of the melodic
pitch on the last and penultimate syllable of the
question (This is not visible in the graph).
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The cluster analysis of the 31 data files lead to the
graphical representations shown in Fig. 5 and 6.
Although the expected groups do not clearly emerge,
we may observe some interesting clusterings: for
instance, Catania (ct_ct), Acireale (ct_ac),
Grammichele (ct_gm), Zafferana (ct_za) and Gela
(cl_ge) are grouped together as for some samples of

Pachino (sr_pa) and Rosolini (sr_ro) or Palermo
(pa_pa, pa_pa3) and Pollina (pa_po1). The main
groups also include different prosodic profiles which
do not correspond to the types shown above. This
inconsistency may be due to the weight of the initial
part of the questions and to their different timing
which may be responsible for some mismatching and
also to prosodic focus made by the speakers. In
particular, in the lower group, corresponding to the
East-Southern Sicily, two intruders may be detected:
the Erice-Trapani and the Agrigento samples.
Figure 6: Phylogenetic tree of all the dialects
(interrogative modality).

The phylogenetic tree in Fig. 6 (see [1]) confirms the
emergence of a group including all the East-southern
dialects. Surprisingly (see above for a possible
explanation), the sample from Acibonaccorsi (ct_ab)
do not appear in the expected group, though their
geographical position in the Eastern part of the island.
3.2. A comparison with other Southern dialects

The same distance method described in 3.1. has been
applied to a set of comparable sentences available for
other Southern dialects.
For our hypotheses, we considered previous dialectal
studies and data discussed for Italian in [6]. We
expected a higher correlation between the Sicilian
dialects and the Southernmost places. In particular,
we assumed that questions share the same pitch
contour in these areas (see [16]).
Fig. 7 shows the clustering obtained for 21 declarative
10-syllable sentences uttered by speakers from:
Pollina-Palermo (coded 0724), Battipaglia-Salerno
(0707), Mattinata-Foggia (06d4), Spinazzola-Bari
(0637), Taranto (06b6), Sannicola-Lecce (0625) and
Parabita-Lecce (0616). Clusters confirm a general
similarity between Sicilian and Southern Sallentinian
and allow to separate the Apulian dialects and,
farther, the Campanian and Taranto samples.
As regards questions, a set of 21 similar utterances
has been assessed. Results are shown in Fig. 8.
Figure 5: Dendrogram of all the dialects
(interrogative modality).
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Figure 7: Dendrogram of the Southern and Upper
Southern dialectal varieties (declarative modality).
Figure 9: Prosodic map showing the prosodic
distances of the Southern and Upper Southern
samples for the interrogative modality.

4. CONCLUSIONS

Figure 8: Dendrogram of the Southern and Upper
Southern
dialectal
varieties
(interrogative
modality).

The final clustering for the interrogative modality
reveals other classifications. According to the
geographical position, Taranto appears halfway
between Sicily and the two Sallentinian samples
(which are well apart), whereas the two Apulian
dialects cluster with Battipaglia-Salerno.
This dialectometrical study, conducted by calculating
mean prosodic distances for 168 statements and
questions (10 and 13 syllables) gave a map which
confirms both our hypotheses and the dialectological
taxonomy claimed by traditional surveys (see [14]).
Nevertheless, as shown in Fig. 7 and 8, differences
appear depending on modality.
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In this paper we attempted to propose a prosodic
classification of some dialects of Sicily through a
dialectometrical comparison of some recordings. We
also wanted to investigate the prosodic proximity
between the prototypical Sicilian prosodic profile and
other dialects belonging to the Upper Southern and
Southern dialectal areas. Results lead to assume that
more than two prosodic patterns can be associated to
the Sicilian area. The analysis of various corpora
shows the presence of different prosodic profiles
existing in the Sicilian area and a distinction among
the Upper Southern and Southern dialects. Sicilian
dialects and other Southern Italian varieties have been
grouped according to specific prosodic features
which, through typological considerations and
correlation matrices, partly confirmed the extension
of areas of prosodic homogeneity within Sicily and
Southern Italy.
These experiments represent only a starting point and
further investigations including more consistent data
are necessary to consolidate our results. This will
allow to describe peculiar intonation types we found
in some Sicilian dialects and to explain the reasons of
a sociolectal variation (even in small communities).
Finally, it would be interesting to deepen the prosodic
correlation between the dialectal substratum and
regional Italian.
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ABSTRACT
The current study aimed to examine the pitch
characteristics of Hong Kong Cantonese-speaking
lesbian women and listeners’ perception of the
speakers’ sexual orientation. The first experiment
examined whether the pitch patterns of lesbian
females (N=15) mirror that of heterosexual women
(N=20). Results indicated that while the lesbian group
demonstrated a lower average pitch than the
heterosexual group, the differences were not always
significant on all six tones. Regarding listeners’
(N=54) perceptual judgements on the sexual
orientation of the speakers, the perceived rating of
homosexuality showed robust differences between
the two groups, suggesting that listeners’ accurate
judgment on sexual orientation of lesbian women
may depend on acoustic cues other than pitch. The
present findings were only partially in line with
previous research in which pitch serves as a means to
convey one’s sexual orientation.
Keywords: speech perception, lesbian speech,
Cantonese, pitch, gender
1. INTRODUCTION
Previous studies (e.g., [1], [5], [6], [11], [13]) have
investigated whether pitch functions as a marker of
homosexual identity. Although results varied largely,
in general, listeners show some sensitivity to the pitch
characteristics that allow correct judgements towards
the speakers’ sexual orientation. For instance, some
of these studies (e.g., [1], [6]) found that homosexual
men have a tendency to speak with a higher pitch and
a wider pitch range when compared with heterosexual
males, assembling that of female speakers. While a
growing body of literature has investigated the
acoustic and perceptual correlates of gay speech in
English, little data was available for the lesbian
speech style. Several studies (e.g., [8], [9], [11], [13])
focusing on the speech of lesbian women showed, in
line with the common stereotype, that they tend to use
a smaller pitch range, a lower pitch and a flatter
intonation than the heterosexual females. However,
conflicting results with regard to the role of pitch
were still observed. Waksler [12] found no significant

2705

differences in pitch and pitch variation between
lesbian and heterosexual women. Barron-Lutzross [2]
did not find pitch to be a phonetic variable that
reflected the lesbians’ sexual orientation either, but
was certain that there existed some other variables
that allowed accurate identification of sexual
orientation in her study.
The above studies also focused predominantly on
the speech of English speakers. With the exception of
a few studies on homosexual males (e.g., [6] on
Mandarin and [4] on Cantonese), little is known as to
what phonetic correlates lesbian females speaking a
tone language use to convey their sexual orientation,
and whether or not listeners are able to identify the
speakers’ sexual orientation simply by listening to
their voices. The purpose of the current study,
therefore, was to contribute to this line of research,
with a focus on the Hong Kong Cantonese-speaking
homosexual female speakers’ use of pitch and pitch
variation. As part of a larger socio-phonetic study
investigating more acoustic correlates that were
associated with both the perception and production of
the lesbian speech style, the current report served as a
preliminary examination of whether pitch was used
by these Cantonese-speaking lesbian women to
express their masculinity and sexual identity.
Masculinity rating was chosen due to the
stereotypical perception that lesbian women are more
masculine. Moreover, whether or not listeners
attended to pitch as the phonetic correlate that served
as the basis of judgement on the speakers’ sexual
orientation was studied as well.
2. EXPERIMENT 1: SINGLE-WORD
READING
Experiment 1 focused on investigating the pitch
characteristics of a group of self-professed lesbian
females whose native language was Hong Kong
Cantonese. The mean, maximum, minimum, and
range of the fundamental frequency (F0) of all six
Cantonese tones were measured. The data were
compared against the heterosexual group.
2.1. Participants

Participants consisted of 35 female speakers (15 self-

reported lesbian females, 20 heterosexual females).
They were all between 18 to 21 years of age (mean
age = 20.21 years, SD=1.32) and were native Hong
Kong Cantonese speakers from two universities
located in Hong Kong. The lesbian participants were
recruited by word-of-mouth/snowball sampling while
the heterosexual females were recruited among
acquaintances of the first author. Participants all
reported no history of speech and hearing disorders.
2.2. Stimuli and Procedures

values between groups. Significant differences
between the average F0 values are indicated using an
asterisk (p < .01) above the lines. Only some timepoints in tones 2, 3, 4, and 5 showed significant
differences between the two speaker groups.
Figure 1: F0 contours of the six Cantonese tones in
the syllable [si] produced by the lesbian female and
heterosexual female groups. Solid lines indicate the
mean F0 of the heterosexual females; dotted lines
indicate that of the lesbian females.

All stimuli were 30 CV real high-frequency words
(/si/, /ji/, /pa/, /fu/, /tsʰɔ/, with exceptions when no
such words are available, see below) containing all
six Cantonese tones (T1, T2, T3, T4, T5, T6). The
following table illustrates all the word tokens used in
this production experiment:
Table 1: Cantonese word tokens used in Expt. 1.
Tones
[relative
pitch
value]

Tonal
feature

/si/

/ji/

/pa/

/fu/

/tsʰɔ/

T1
[55]
T2
[25]
T3
[33]
T4
[21]
T5
[23]
T6
[22]

highlevel
highrising
midlevel
lowfalling
lowrising
lowlevel

詩
poem
史
history
試
exam
時
time
市
market
事
matter

衣
clothes
椅
chair
意
idea
兒
son
耳
ear
二
two

爸
dad
把
hold
霸
might
爬 [pʰa]
crawl
馬 [ma]
horse
罷
cease

夫
man
苦
bitter
副
assist
符
tally
婦
woman
腐
corrupt

初
begin
楚
clear
挫
grind
鋤

Syllables used in Experiment 1

eradicate

坐
sit
助 [tsɔ]
help

In a sound-treated language laboratory in Hong Kong,
speakers recorded the words in isolation using a
desktop with a microphone (Electro-Voice RE20
dynamic cardioid microphone) through the Praat
software [3] at a sampling rate of 44.1 kHz, with 16bit resolution. Speakers were all instructed to read the
words with a natural pace and loudness.
2.3. Results

All the words produced by the 35 participants
were included into the acoustic analyses using Praat
to examine the F0 patterns of all six Cantonese tones.
F0 values, measured in Hertz, were estimated at 11
evenly-spaced time points, starting from the onset
(0%) of the contour to the offset (100%), with
subsequent data points at every 10% of the duration
of contour, meaning that the data were time
normalized for each tone. Figure 1 below displays the
F0 contours on the vowels of all six Cantonese tones
in the syllable [si] produced by the two groups. A
series of Mann-Whitney U tests between the two
groups were also conducted at all 11 time-points of
each tone to find if there were any differences in F0
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Several Mann-Whitney U tests were conducted to
compare the differences of four particular F0
parameters (mean, maximum, minimum, and range)
between the groups. Results revealed that the lesbian
women group only had a significantly lower F0
minimum than the heterosexual group, but the

differences between the other three F0 parameters
were not significant. Table 2 shows the overall values
of the four different F0 parameters:
Table 2: Mean, maximum and minimum values,
and ranges of F0 (in Hz) across all six tones for each
group.
homosexual
heterosexual
mean F0
163.67
176.03
F0 max
239.90
251.56
F0 min
101.91*
120.45*
F0 range
137.99
131.11

words only. Besides rating the sexual orientation of
the speakers, masculinity of the speakers was also
rated. As part of a larger project within which more
phonetic variables were investigated, the present
paper only reported the rating of these two variables
and their associations with each other.
3.1. Participants

(* = p < .01)

2.3. Discussion

The F0 contours of all six tones of the lesbian females
were lower—although only slightly—than the
heterosexual group. However, by comparing different
time-points of the six tones, it was found that most of
the differences between the two groups were often not
significant. The results of the Mann-Whitney U tests
on the specific individual F0 parameters between the
two groups also showed that the differences were not
robust, except for F0 minimum. This is not to
conclude that F0 in general is not one of the phonetic
variables that composes a stereotypical lesbian
speech style; rather, there may exist a cluster of
or/and an interaction among a number of phonetic
correlates that form such a speech style in Cantonese.
This speculation must be confirmed by investigating
more acoustic cues used in the language in future.
Studies in the extant literature concerning the use
of pitch between female speakers with different
sexual orientations have not shown conclusive
results, with a few showing no significant differences
and most showing a trend of lesbian females using a
lower F0 to convey their sexual orientation. These
studies also only investigated speakers of
stress/intonational languages, unlike the present one
that examined a tone language, Cantonese, which
relies heavily on F0 to convey lexical meaning.
Although the role of F0 varies in those languages, the
present findings showed that lesbian speakers had a
tendency to produce their speech with a lower F0
minimum, although their F0 contour, for most of the
time, did not differ significantly from the
heterosexual group.
3. EXPERIMENT 2: LISTENERS’
PERCEPTUAL RATINGS ON SPEAKERS’
SEXUAL ORIENTATION AND
MASCULINITY
The purpose of Experiment 2 was to investigate if
listeners could perceive the sexual orientation of the
speakers in Experiment 1 by listening to isolated

2707

A total of 54 listeners (34F, 20M) were recruited into
this perceptual experiment. No explicit reference as
to the goal of the experiment was made to the
listeners. The average age of these listeners was 21.96
years (SD=2.43). They were all native Hong Kong
Cantonese speakers with no self-reported history of
speech or hearing disorders.
3.2. Stimuli

Stimuli were all obtained from Experiment 1. Twelve
monosyllabic words (6 tones × 2 CV structures, /si/
and /fu/) produced by all 35 speakers were selected,
making a total of 12 × 35 = 420 stimuli.
3.3. Procedure

The experiment was conducted in a sound-proof
language laboratory in Hong Kong. All the stimuli
were presented to the listeners in a random order.
Listeners were instructed to rate the stimuli on six
affective scales in the form of a 7-point equal-interval
semantic differential scale written in Chinese. For
example, 1 indicates “heterosexual / feminine”, 4
indicates “hard to tell”, and 7 indicates “homosexual
/ masculine”. As part of a larger project that studied
the perceptual evaluation of speakers’ personality
characteristics or traits, the current paper only reports
the results of these two traits: sexual orientation and
masculinity.
3.4. Results

For homosexuality ratings, the average perceptual
score for the lesbian group was 5.31 (SD = 1.21), and
3.32 (SD = 1.02) for the heterosexual group. A Mann
Whitney U test revealed that there were significant
differences between the two groups (Z = 2.12, p <
.0001). For masculinity ratings, the average
perceptual score for the lesbian group was 4.81 (SD
= 2.21), and 3.82 (SD = 1.81) for the heterosexual
group. A Mann-Whitney U test also showed that the
scores of the two groups differed significantly (Z =
2.34, p = .02). There were also significant correlations
between the homosexuality and masculinity ratings
(Spearman’s rho = .49, p < .001) for the two groups.
As to the correlations between the two perceptual
scores and the four F0 measurements, not all

parameters showed significant correlations with
homosexuality and masculinity ratings; only mean F0
values and F0 minimum were correlated with both
ratings while F0 range was correlated only with the
masculinity rating. Table 3 displays the data.
Table 3: Correlations (Spearman’s rho) between
perceived sexual orientation / masculinity and the
F0 measurements.
Variables for listener ratings
homosexuality
masculinity
mean F0
-0.35*
-0.24***
F0 max
-0.25
-0.36
F0 min
-0.34**
-0.28**
F0 range
0.19
0.21*
(*** = p < .0001; ** = p < .001; * = p < .01)

3.5. Discussion

The goal of Experiment 2 was to examine if pitch is
one, if any, phonetic variable that composes a
perceived lesbian speech stereotype in Cantonese.
Listener ratings in this experiment showed that
listeners succeeded in determining the speakers’
sexual orientation even by only hearing one single
word uttered by the speaker. Some F0 parameters
were shown to be correlated with the accurate
judgement on female sexuality in this case, although
F0 was not the means by which the speakers used to
indicate their own sexual orientation through speech,
as indicated in Experiment 1. Other phonetic
correlates and their interaction may indeed be
associated with the representation of this lesbian
speech stereotype. The underlying complexity of the
interaction among these acoustic cues demands
further research attention.
Previous research findings have revealed a close
link between homosexuality and masculinity. The
stereotypical belief that lesbian women have a lower
pitch has also been shown as a general tendency in the
current findings. The two social variables,
homosexuality and masculinity, were also positively
correlated in the present study. However, not all F0
parameters which were associated with masculinity
were correlated with homosexuality, suggesting that
there are possibly other variables serving as the
predictors of the sexual orientation ratings.
4. GENERAL DISCUSSION
Findings in Experiment 1 only partially aligned with
previous results, as seen from the non-significant
differences in pitch patterns between the homosexual
and heterosexual groups. Nevertheless, as shown in
Experiment 2, listeners could still accurately judge
the sexual orientation of the speakers by listening to
their speech. While there could be no correlation
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between self-reported sexual orientation and some of
F0 measurements in the production data, the fact that
listeners could still accurately identify the speakers’
sexual orientation implied that they were, evidently,
using other phonetic cues which were not investigated
in the current study in the judgement.
On the basis of preliminary observation of the
current data, we speculated that the perception results
might be closely associated with the creaky feature of
the voice in some lesbian speech samples. Creaky
voice has been perceived in the recent popular culture
to be a phonation type used by young women as a
marker of masculinity, a trait that may have some
association with one’s sexual orientation. Previous
studies [7, 11] showed that creaky voice can be
distinguished by several acoustic properties, one of
which being a lower F0. The lesbian speakers in this
study showed a significantly lower F0 minimum than
the heterosexual group which might be due to the
creakiness of the voice. Creakiness was indeed
observed in a number of samples in the present study.
Note that the original aim of the present study did not
explore the creaky phonation of lesbian speech style,
but the findings and the anecdotal observation raised
the awareness that this might be one of the possible
phonetic correlates or phonation type that led to the
present results. Further investigation as to the
relationship between F0, creak, sexual orientation and
masculinity is thus demanded.
Cautions also have to be taken when interpreting
the listener ratings because one should not directly
equate lesbian women as masculine women, although
the current findings suggested such a correlation. The
average F0 and its range are still considerably higher
and more varied than both homosexual and
heterosexual men (cf. results in [1], [3], [4], [6]).
What is even more intriguing in the present data is
that the F0 range of the lesbian females (137.99 Hz)
was highly similar to (even slightly higher albeit not
statistically significant) that of the heterosexual group
(131.11 Hz), but this phonetic cue was indeed
correlated with the masculinity rating. Further data
are thus necessary for unraveling the complications.
5. CONCLUDING REMARKS
Despite the paucity of studies exploring the acoustic
correlates of lesbian women from language
backgrounds other than English, the present study
provided further support that a lesbian-sounding
speech stereotype in a tone language involving a
combination of phonetic variables may indeed exist,
and discrepancies between a speaker’s perceived and
actual sexual orientation are possible. The interaction
between the lesbian speech style and actual/perceived
sexual orientation certainly merits more research.
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ABSTRACT
In English, lexical stress provides essential information guiding lexical activation. However, little is
known about the processing of lexical stress in postcolonial Englishes. The present study examines the
perception of lexical stress in disyllabic words by
adult speakers of Standard Indian English. Results
show that in iambic words (second syllable stressed),
participants perform at about 54% accuracy, regardless of social background. In trochaic words, participants with private schooling perform significantly
better (60% accuracy; p<0.05) than those with a government school background, approaching the level of
accuracy reported for Australian English listeners.
Our results suggest that processing of the commonly
occurring trochaic condition is easier for participants
from private schools, while processing of the rare
iambic pattern is not eased by such experience. L1
background and onset of learning English show no
systematic effect on participants’ performance. Variability in Standard Indian English is shaped mainly
by schooling and not L1 background.
Keywords: perception, lexical stress, Indian English,
speech processing.
1. INTRODUCTION
1.1. Background

Research suggests that adult linguistic cognition does
not have the same processing efficiency in a second
language (L2) as in a first language (L1). However,
speech perception can be highly robust to variation.
Once a listener is familiar with a particular source of
variation, they can enjoy significant processing benefits [4], e.g. better sensitivity to unfamiliar contrasts
[7]. Cross-dialectal speech perception research shows
that participants who are exposed to different varieties (“canonical” vs. new) have both (1) processing
benefits, as mentioned above, but also (2) processing
costs [4]. Familiarity with multiple linguistic systems
can result in (1) independent processing benefits as
well as (2) competition among variable multi-dialect
representations. Most of these conclusions, however,
are based on segmental and lexical perception, not
prosody. One of the aims of the present paper is to
extend this line of research to the realm of prosody.
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Prosodic structures differ across languages and
language varieties [19] and influence the way listeners use prosodic cues. The subject of the present study
is lexical stress, which refers to the lexically specified
distinction between strong and weak syllables in a
word [2, 19]. In stress languages, such as English, lexical stress is cued by a number of robust acoustic parameters that make stressed syllables more salient to
listeners [20]. Similar to other dimensions of prosody,
stress is not universal. Not all languages contrast
stressed with unstressed syllables, and even within
the category ‘stressed’, languages can have various
patterns. Given such differences in the function and
physical properties of stress, listeners may use acoustic information in the speech signal differently.
While most varieties of English as Native Language (ENL) have a distinction between stressed and
unstressed syllables, it has been suggested that this
may not be the case in many postcolonial varieties of
English, such as Nigerian English, Singaporean English or Indian English. This could be due to the influence of typologically distinct first languages, which
differ in their prosodic systems and the use of prominence [e.g. tonal varieties of English proposed in 15].
Empirical evidence on such varieties, however, is often limited or presents conflicting results [cf. 35], at
times suggesting a lack of distinction for stressed/unstressed syllables.
It is well documented that stress patterns guide listeners of British and Australian English (BrE/AusE)
in speech segmentation and provide important cues
for lexical activation [5, 6, 10, 26]. Primary stress on
the initial syllable (trochaic stress) is widespread in
English, and listeners rely on this information in perception. English listeners also show a bias for selecting word-initial strong syllables [5, 8], and identify
target phonemes in these words faster [26]. However,
little is known about how listeners of postcolonial varieties perceive stress, and how their processing strategies compare with those in ENL varieties. The present study will extend our knowledge of cross-dialectal processing of prosody by investigating the perception of lexical stress by listeners of Indian English
(IndE).
1.2. The present study

English is used in India mostly as a second language.
In this paper, we focus on ‘Standard Indian English’,

a more prestigious variety used by proficient educated
speakers. IndE is an interesting and challenging case
to study. The linguistic landscape in the subcontinent
is characterised by vast linguistic diversity and multilingualism on the one hand, and the presence of areal
features shared across South Asian languages on the
other [18, 22]. This complex linguistic context frames
the ongoing debate in the literature on the nature and
‘uniformity’ of this variety [12, 23, 24, 27, 30].
While it has been established that IndE has shared
features, more recent experimental research finds evidence for specific L1 influence [23, 24, 33, 34].
However, the findings are not always consistent and
also indicate that the extent of L1 influence may vary
depending on the feature under investigation [23, 24,
31, 33, 34]. In speech production, variation across
speakers could be based on various factors or a combination of multiple factors. Further, recent perception studies found no or marginal L1 effects on the
perception of rhythm [12] and information structure
and focus [25] by IndE listeners, but instead reported
that a listener’s schooling experience (private vs. government) influenced results. In summary, previous
experimental research has mostly focussed on speech
production, and has reported mixed findings in relation to L1 influence. Most importantly, previous phonetic studies have often neglected to take into account
a range of sociolinguistic variables.
Consequently, the study addresses the following
questions:
1. How do IndE listeners process lexical stress?
How accurately can they identify words based
on the acoustic information contained in the first
syllable?
2. Do the factors L1, age of learning and type of
school influence the perception of stress?
3. How do IndE listeners perform compared to the
listeners of a “canonical” ENL variety? What
kinds of processing costs/benefits can be observed?
1.2.1. L1 Influence
L2 listeners may use specific acoustic cues found in
their L1 in lexical stress processing [5, 7, 10]. While
the patterns of stress placement in the languages spoken in India vary (e.g. first syllable in Bengali [16,
17], syllable weight and phonological vowel in Telugu [29]), South Asian languages are known to have
phonetically weak stress [16, 17, 18] - unlike canonical varieties of English (such as BrE), which have
phonetically strong stress with such robust acoustic
cues as duration, vowel quality (full vs reduced), intensity and f0.
Further, speakers of South Asian languages often
report difficulty in the auditory identification of
stress, with disagreement over the presence and type
of acoustic cues, and over the location of the stressed
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syllable [e.g. 21 for Telugu]. This may explain the
lack of any evidence for L1 influence on the acoustic
correlates of stress in IndE [13] and justifies the need
to further examine the effect of L1 or lack thereof on
stress perception in this variety.
1.2.2. School Type
The variable of school type is of particular interest
given the educational system in India. All participants
in this study attended schools that officially use English as medium of education (as opposed to a local
language such as Hindi or Telugu). In private schools,
teachers are likely to use English all or the majority
of the time, providing an immersion environment to
students. Teachers in these schools are also likely to
be proficient in English and have an accent that indexes overt prestige locally, i.e. clearly Indian but
with limited or no discernible L1 influence that would
make them readily identifiable as speakers of a particular Indian language. By contrast, government
schools are more likely to have teachers who speak
with a local accent and might on occasion have limited proficiency in English. While textbooks and
other teaching materials are in English, teachers
might use a local Indian language to communicate
verbally with students in order to ease their understanding of the subject matter.
Because of the differential impact of private vs.
government schooling on participants’ proficiency,
we expect a diminished effect of L1 on the perception
of stress by IndE listeners but predict potential benefits (greater accuracy in responses) for those participants who went to a private school.
1.2.3. Age of Learning (AoL)
Experience with an L1 is known to influence the perception and production of a speaker’s L2 [e.g. 3, 11].
However, we are not dealing with speakers of a typical L2 variety, who use their L2 in a country where it
is the main language. Given that English is taught in
India at an earlier age in private schools and speakers
receive different input, we predict that AoL may not
have a strong effect and will be subject to the participants’ schooling background. More generally, taking
into consideration the lack of robust phonetic cues to
stress in Indian languages and the exposure to IndE as
a variety since early childhood [34], we expect that
the participants in this study will show processing
costs as compared to AusE listeners (as in [5]).
2. METHOD
2.1. Participants

28 students (aged 22-34; 13 f, 15 m) at the University
of Hyderabad, India, took part in the experiment. All
were enrolled in a university degree at the time of data

Figure 1: The participants’ places of birth in India.

For one of the presentations of the fragment, the correct response was the word on the left and for the
other presentation the right word. Each trial was separated by a 4.5 second interval. Prior to the main experiment, participants completed an additional short
training set consisting of two word pairs.
2.3. Analysis

collection, identified as bi- or multilingual, and reported no hearing problems. They had all moved to
the city for the purpose of tertiary education and none
were born in Hyderabad. Fig. 1 shows the participants’ places of birth.
Participants represented four L1 backgrounds
(Tamil, Telugu, Hindi and Bengali; 7 for each L1),
had never lived in another English-speaking country.
They had acquired English at different ages, which
we operationalised here as ‘early’, ‘mid’ and ‘late’
onset of learning English (age 3-4, 5-7 and 8-10). Participants had attended government schools (11 participants), private schools (including convent schools;
10), or had a mixed schooling background (7) where
they went to a government school for primary education, and a private school for secondary, or vice versa.
All participants were speakers of Standard IndE.
2.2. Materials and Procedure

Participants were presented with 21 truncated word
pairs with segmentally identical first syllable and different lexical stress location (materials developed by
and first used in [5]). One member of the pair had primary stress on the first, while the other had stress on
the second syllable (e.g. syllable car- in CARton vs
carTOON). The original set of words was recoded in
a carrier sentence [See 5]. The truncated audio files
included the first syllable for each word repeated
twice, creating a set of 84 fragments in total (pseudorandomised).
Participants were tested individually in a quiet
room on the premises of the University of Hyderabad.
The stimuli were presented on an HP laptop (Intel
Premium Processor) with the help of PsychoPy (Version 3.0.0.b7) [28] over Audio-Technica ATHANC70 noise-cancelling headphones.
On each trial, participants were presented with a
word pair on the screen and were given two seconds
to view the words before they heard the audio stimulus. They were given the task to judge which of the
words in a pair was the source of the current fragment.
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We determined which factors influence the likelihood
that a given participant chooses the correct syllable
by fitting logistic mixed effects regression models in
R with package lme4 [1]. We fitted two models, one
for trochaic and one for iambic words. All models
used CORRECT as dependent variable and included
PARTICIPANT and WORD as random factors and a
fixed factor accounting for word frequency (FREQ), in
order to correct for potentially greater familiarity with
frequent words. FREQ was operationalised as the logarithm of the frequency per million words (pmw) in
the Indian section of the Global Web-Based Corpus
of English [9]. The pmw frequency of a single word
that never occurred in the corpus was set to 0.001 in
order to avoid an infinite value after logarithmic
transformation.
In order to select a model from the remaining factors (SCHOOLING, AGE-OF-LEARNING, L1), we used
random forests (package party [32]) to determine
variable importance. We added influential variables
to the models in order of variable importance, as long
as the added factor was significant in the regression
model. For the model for trochaic stress, this was only
true for SCHOOLING. For the model for iambic stress,
adding the variable identified as most important by
the random forest resulted in a model with a non-significant factor. The final models are:
m_right <- glmer(correct ~ freq_log +
(1|participant)
+
(1|word),
data=Stress_right, family=binomial)
m_left <- glmer(correct ~ school +
freq_log + (1|participant) + (1|word),
data=Stress_left, family=binomial)

3. RESULTS
Overall, the IndE listeners matched the fragments to
the correct words at a rate of 55%, i.e. above chance.
Their performance was marginally worse than that of
AusE listeners, who identified 59.2% of the target
fragments correctly [5]. Previous work has shown
that a forced choice identification task involving lexical stress is generally difficult for English listeners
[5, 8].
Remarkably, the IndE listeners showed a similar
performance for fragments from trochaic and iambic
words, as shown in Fig. 2 (55.6% correct for left
stress fragments and 54.5% for right stress). AusE listeners in [5], by contrast, exhibited a clear bias towards the left-stress condition (62.5% accuracy).

Figure 2: Means and standard deviations for correct responses for words for IndE and AusE listeners ([5]),
presented as a factor of stress location (iambic and trochaic).
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Figure 3: Means and standard deviations for correct responses by IndE listeners, across three types of schooling
background (government, private, mixed), presented as a
factor of stress location (iambic and trochaic).
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Both L1 and onset of learning English did not influence participants’ performance systematically. Despite an observable difference for L1 Tamil in the leftstress condition (possibly compounded by school
type), L1 had no significant effect on the accuracy of
matching fragments to words.
As predicted, schooling background had a significant effect on the percentage of correct responses but
only for one of the conditions (see Fig. 3). In iambic
words, participants performed at about 54% accuracy
regardless of school type. By contrast, in the trochaic
condition, participants with government schooling
performed just marginally better than chance (51%),
while those who went to a private school performed
significantly better (60% accuracy; z=-2.572,
p<0.05).
4. DISCUSSION
Our analysis shows that listeners of IndE are able to
distinguish words based on the acoustic cues provided
in word fragments, and the overall proportion of correct responses is close to that reported for AusE listeners. However, we find strong evidence for processing costs when looking at trochaic vs iambic
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stress words. As mentioned earlier, listeners of ENL
varieties are much better at identifying left-stress syllables and perform at chance when listening to words
with iambic stress. We find that for listeners of IndE
both stress conditions are equally difficult. Processing costs could be explained by the fact that languages spoken in India do not have the same robust
cues to lexical stress and this is a convergent feature
in South Asian languages, ultimately adopted in IndE.
This may also be a likely explanation for the lack of
any effect of L1 on participants’ performance. However, further investigation with more participants for
each L1 background is needed to get a complete picture.
As predicted, age of learning did not influence the
degree of correct performance, and the only variable
that was found to be significant was the schooling
background. Processing benefits for the participants
with a private school education were evident in the
trochaic stress condition, where they performed as
well as AusE listeners. Most likely, exposure to a
more prestigious (and more “canonical”) variety and
greater frequency of input provided an advantage in
the processing of lexical stress for this group.
The present study raises an important question
about the processing of prosody across varieties of
English and the effects of multi-dialectal representations on speech perception across dialects. New and
emerging dialects do not seem to fully conform to the
L1-L2 influence model and may present a context
with a complex interplay of sociolinguistic and developmental factors. More broadly, our findings, echoing those in [15], raise the question of how new varieties can be captured within the prosodic typology, in
this instance, word-level prosody.
The next steps will be to (1) closely examine the
weighting of acoustic cues (i.e. duration, intensity,
pitch, and vowel quality) for IndE listeners; (2) further explore the effects of exposure to multiple dialects on speech processing by working with IndE listeners in the diaspora (Australia); and (3) investigate
the perception of lexical stress by listeners from other
sociolinguistic backgrounds (as lower socio-economic status may potentially show stronger L1 and
AoL effects).
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ABSTRACT
In the present study, utterance-initial vowels in
preverbal focus vs. pre-focal topic positions were
compared with respect to their acoustic and
articulatory parameters. Parallel acoustic, and
ultrasound recordings were made, and vowel
duration; maximum f0, F1 and F2 (measured at the
midpoint of the vowel); tongue contours (and their
variability measured by the NND method) were
compared with respect to the prominence level.
We predicted higher prominence in the case of
focus compared to the topic. Accordingly, longer
vowel durations and earlier f0-peaks were found in
the focus condition, on the other hand, neither the
maximum f0 values nor the articulatory measures of
vowel quality showed differences between the
conditions. Although on Euclidean distance data we
found no effect of condition, the variance of F2
values differed significantly across the conditions,
which might be attributed to better reach of the
articulatory target. Therefore this parameter needs
further analysis.
Keywords: focal accent, topic, Hungarian, vowel,
articulatory analysis, acoustic analysis
1. INTRODUCTION
Hungarian is an obligatory syntactic focus marking
language, as prominent units typically appear in
certain syntactic positions [10]. Hungarian sentences
can be divided into a topic and a predicate part, but
topic is not an obligatory part of the Hungarian
sentence [5]. In sentences with a narrow focus, the
focused element is placed between the topic and the
verb (in this order). In the case of narrow focus, the
focused constituent shows the highest prosodic
prominence within the predicate part, while the
ensuing elements are deaccented [16]. Although
topic may be accented (as well as unaccented),
theoretical works claim that its prominence cannot
exceed that of the focused constituent [6], which
means that (due to the left-headed prosody of
Hungarian) the phrase-initial topic might be as
prominent as the focus. Although, the relationship
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between the phonetic characteristics of prominence
of (phrase initial) topic and (phrase initial) focus is
ambiguous, (according to the knowledge of the
authors) experimental data on this issue are not
available for Hungarian.
With respect to the acoustic correlates of
prominence in Hungarian, several studies revealed
the role of intensity and f0 (see, e.g., [8]), as well as
f0-peak alignment [15]. Vowel duration, however,
was not taken into account in these analyses as a
possible cue of prominence in Hungarian, although
it plays a role in several languages. The question did
not arise even due to the consensual claim that since
vowel quantity is phonologically distinctive in
Hungarian, it cannot play a role in prominence
marking. Nevertheless, recent studies have found
that longer vowel duration has a role in the
expression of prominence [17, 18, 23].
Besides, as for Hungarian, there is an apparent
consensus in the literature that vowel quality does
not vary as a function of the presence/absence of
prominence (which is also a common pattern in
several languages). However, apart from a few
earlier studies (see a review in [24]), which were
largely inexplicit about the details of their methods,
and a recent pilot study on a not well-balanced
material [18], acoustic correlates of vowel quality,
i.e., formant structure, have not been analysed
reliably. Moreover, linguo-articulatory correlates of
vowel quality in focal accent have not been analysed
with respect to Hungarian either. The question of
prominence-dependency of vowel quality especially
arises because several models (e.g., [13]) suggest
that longer segment duration (which might be a
possible correlate of prominence) may lead to more
accurate articulatory movements, and thus the
gestural target of the segment might be better
reached. On this basis, we may also assume that
longer vowels in the more prominent position may
also be articulated with greater force. Furthermore,
an acoustic study [9] also revealed that vowels show
smaller variability, if they are in a (lexically)
stressed syllable (vs. unstressed), and [7] confirmed
that the above effect also exists for higher level
(sentential) accent, as well.

In order to fill the above mentioned gaps of the
phonetic literature on Hungarian prominence, the
present study’s first aim is to compare the
appearance of some of the possible phonetic
correlates (vowel duration, and characteristics of f0)
of prominence between focus and topic, when they
both occur in the same (phrase-initial) position in the
sentence. Our second aim is to analyse vowel quality
as a possible cue of prominence, both in the acoustic
and the articulatory domain.
In the present study, utterance-initial vowels
(Hungarian lexical units bear fixed stress on the first
syllable) in topic vs. focus position were analysed
and compared with respect to both acoustic and
articulatory measures. Vowel duration was
measured, and ultrasound tongue images, F1, and F2
were obtained from the temporal midpoint of the
vowel. The value of the peak of f0 and its alignment
were also analysed.
We predicted higher prominence in the focus
condition which induces longer durations and higher
and f0-peaks compared to the topic. F0-peak
alignment was expected to show differences
between the focus and topic conditions, as well. We
also hypothesized that formant values and variability
of tongue contours differ in the two conditions, due
to the greater force in the articulation of the vowels
in the focus position.
2. METHOD
2.1. Material and participants

Four members of the Hungarian vowel-inventory
were chosen for the analysis: front and high /i/, back
and high /u/, front and low /ɛ/ and back and low /ɒ/
(in these examples the feature backness co-varies
with lip spreading). From these vowels, V1pV1
structured words (/ipi/, /upu/, /ɛpɛ/, /ɒpɒ/) were
constructed, in which we analysed the word-initial
vowel (we used symmetrical V-context to control for
the coarticulatory effect of the second vowel).
The (pseudo-)words were embedded into
meaningful sentences, which were presented to the
participants as answers to a question in short
dialogues. Since two V1pV1 words out of the four
have a meaning in Hungarian, we constructed
sentences in which the words functioned as proper
names, and the filler sentences were also constructed
with (other) similarly structured nonsense “proper
names”. We analysed the target words in two
conditions: they were positioned in pre-focal topic
and in focus positions, both occurring sentenceinitially. All target words were repeated 5 times.
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Examples of the short dialogues of the
experiment can be seen in (1) and (2), where the
target vowel is indicated by bold.
(1) Ki nevettette meg Zazát? (‘Who made Zaza
laugh?’)
IpiFOCUS nevettette meg. (‘Ipi made her/him
laugh.’)
(2) Miért olyan szomorú Opo? (‘Why is Opo so
sad?’
ApaTOPIC nemFOCUS beszélte meg vele a hétvégi
terveit. (‘Apa didn’t tell him/her his weekend
plans.’)
The dialogues were presented on a computer screen
in a randomised order. 20 female native Hungarian
speakers (aged from 19 to 28 years, reported no
hearing or speech deficits) were asked to read the
question silently, and then to read the answer (the
target sentence) aloud. With each participant, 40
target utterances (5 repetitions per each vowel in
each condition) and 80 filler utterances (with the
same dialogue and sentence construction) were
recorded.
2.2. Procedure

Parallel (and synchronized) ultrasound and acoustic
recordings were made. The tongue movement was
recorded in midsagittal orientation using the
“Micro” ultrasound system (Articulate Instruments
Ltd.) with a 2–4 MHz / 64 element 20mm radius
convex ultrasound transducer at 83 fps. The speech
signal was recorded with an omnidirectional
condenser microphone at 44.1 kHz sampling rate.
The annotation of vowel boundaries was carried
out by forced alignment [21] and corrected manually
in Praat [3], on the basis of the F2 trajectory. In the
present analysis only the fully modal voiced
occurrences (424) were included. The distribution of
the vowels was the following: /ɒ/: 59 in topic, 48 in
focus, /ɛ/: 35 in topic, 34 in focus, /i/: 62 in topic, 45
in focus, and /u/: 66 in topic, 75 in focus.
Vowel duration, f0 and formant frequencies were
automatically extracted from the acoustic signal. The
f0 was measured at the maximum, and the position
of f0-peak within the vowel time course was
extracted and given in the percentage of the vowel
duration. F1 and F2 values were detected at the
temporal midpoint of the vowel in Praat. Formant
frequencies were standardized within speakers using
z-transformation [14] in the phonR package [20]. On
the basis of F1 and F2 data, the Euclidean distance of
the centroid of the vowel space and each token was
also calculated [4].
The ultrasound frames were extracted from the
temporal midpoint of the vowel as raw scan line data

and converted to PNG images. Tongue contours
were manually traced on the PNG files using the
APIL tracing tool [1]. Variability of the tongue
contours was measured by the Nearest Neighbour
Distance (NND [25]) method.
Duration, f0, and NND data were analysed by
linear mixed effect models (LMM) in R [22], using
the lme4 package [2]. p-values were obtained via the
Satterthwaite approximation available in lmerTest
package [12]. We included random intercepts for
speakers, and used vowel quality and condition
(focus/topic) as fixed effects. Random slope models
were also built and compared with the intercept (IC)
model by anova in lmerTest package [12]. The two
models did not show significant difference for any
variables, therefore we introduce the results of the
IC ones. Euclidean distances were compared using
modified signed-likelihood ratio tests (MSLRTs) for
equality of coefficient of variations [11, 19].

218±49 Hz), and /i/ (topic: 198±58 Hz, focus:
208±68 Hz), while for /u/ we found higher f0 in topic
position (topic: 220±47 Hz, focus: 211±56 Hz) (Fig.
2). According to the LMM, however, on these
maximal f0 data, none of the tested factors had a
significant effect.
Figure 2: Maximum value of fundamental
frequency as a function of condition and vowel
quality (a = /ɒ/, e = /ɛ/, i = /i/, u = /u/) (mean ±

1 SD)

3. RESULTS
3.1. Vowel duration

In focus position, we found somewhat longer vowel
realizations (/ɒ/ in topic: 53±16 ms, /ɒ/ in focus:
56±15 ms; /ɛ/ in topic: 59±16 ms, /ɛ/ in focus: 60±14
ms; /u/ in topic: 52±15 ms, /u/ in focus: 58±15 ms),
except for /i/ (topic: 55±13 ms, focus: 53±15 ms)
(the vowel duration data were checked, and proved
to be valid, even if they seem to be very short) (Fig.
1). LMM confirmed a condition main effect on
duration data (F(1, 406) = 4.44, p = 0.036) (while
the effect of vowel quality was not significant).
Figure 1: Vowel duration as a function of
condition and vowel quality (a = /ɒ/, e = /ɛ/, i =

/i/, u = /u/) (mean ± 1 SD)

3.2.2. F0-peak alignment
Although maximal values of f0 did not differ with
respect to the syntactical position, the alignment of
the peak showed differences. In focus position, f0peak appeared earlier within the vowel time course
than in topic position (Fig. 3). The data are
expressed in the percentage of the vowel duration,
i.e., the higher number represents a later f0-peak: /ɒ/
in topic: 55±24%, /ɒ/ in focus: 47±26%; /ɛ/ in topic:
51±26%, /ɛ/ in focus: 36±26%; /i/ in topic: 41±24%,
/i/ in focus: 35±22%, /u/ in topic: 42±23%, /u/ in
focus: 40±21%.
Figure 3: F0-peak alignment within the vowel as a
function of condition and vowel quality

3.2. Fundamental frequency

3.2.1. Peak value of f0
In focus position, f0-peak was moderately higher in
the focus condition in the case of /ɒ/ (topic: 204±56
Hz, focus: 214±51 Hz); /ɛ/ (topic: 217±57 Hz, focus:
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According to the linear mixed effects model, both
the vowel quality and the condition played a
significant role in the f0-peak alignment (vowel: F(3,
414.88) = 6.589, p < 0.001; condition: F(1, 414.54)

= 10.978, p = 0.001). The effect of the interaction of
the two factors was not significant.
3.3. F1 × F2 space

Fig. 4 shows the standardized F1 × F2 vowel space as
a function of condition. Condition had no effect on
Euclidean distances. The variance of F1 values did
not differ significantly across conditions either, but
we found a significant difference in the variance of
F2 (MSLRT = 7.77, p < 0.01).
Figure 4: Standardised F1 × F2 space of the
analysed vowels as a function of condition

3.4. NND values

Distances of tongue contours were smaller in front
vowels in focus position (/ɛ/ in topic: 1,6±1,1 mm, in
focus: 1,2±0,5 mm; /i/ in topic: 2,7±1,2 mm, in
focus: 1,5±0,7 mm), while back vowels did not
differ in this respect as a function of the conditions
(/ɒ/ in topic: 1,4±0,5 mm, in focus: 1,5±0,4 mm; /u/
in topic: 2,0±1,4 mm, in focus: 2,0±1,5 mm) (Fig.
5). LMM showed only the main effect of vowel
quality (F(3, 89) = 3.63, p = 0.016).
Figure 5: NND values as a function of condition
and vowel quality (a = /ɒ/, e = /ɛ/, i = /i/, u = /u/)

(mean ± 1 SD)

4. DISCUSSION AND CONCLUSION
Hungarian is a left-headed prosody language.
Although (according to the literature) topic cannot
bear higher prominence than focus, utteranceinitially both may be similarly prominent. In the
present study, we expected that focus is more
prominent than topic in the case of the same (phraseinitial) position. Evidence was found by the earlier
literature that vowel duration and some of the f0parameters might be the acoustic correlates of
prominence in Hungarian. Besides, vowel quality,
which has so far not been analysed in a controlled
fashion with respect to prominence in Hungarian,
was also investigated. Not only acoustic (formant
analysis) but also articulatory (analysis of ultrasound
tongue images) measures were conducted, the latter
one for the first time regarding Hungarian.
The results showed that focus position evoked
longer vowel realizations than topic position,
irrespective of the vowel quality. On the other hand,
the maximum value of f0 did not differ between the
conditions, while the alignment of f0-peak showed
differences (in the focus condition f0-peak occurred
earlier).
Contrary to our predictions, longer duration did
not evoke more peripheral articulation of vowels in
the focus position; however, in this position, smaller
variability was found (in the acoustic data). While
Euclidean distances of the tokens from the vowel
ellipse centroid did not differ as a function of
condition, there was a significant difference in the
variance of F2, which might reflect less variable
acoustics in the horizontal tongue position and/or
lip-spreading dimension. However, NND values,
which reflect tongue contour variability, did not
confirm this effect in the articulatory domain.
Our study revealed that utterance-initial topic and
focus show differences in some of the acoustic
measures, which may be attributed to the higher
prominence of focus. Vowel quality in general did
not appear to differ between the conditions,
however, the variance of F2 was found to be smaller
in the case of focus, which effect is needed to be
analysed further.
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ABSTRACT
Vowel reduction in Contemporary Standard
Bulgarian (CSB) has been variously claimed to
involve raising, no change or lowering of the high
vowels /iəu/. There is a general agreement that the
low vowels /ɛaɔ/ are raised when unstressed. This
paper directly measures tongue height using
Ultrasound Tongue Imaging (UTI) and relates this
measure to the acoustic correlate F1 at vowel
midpoint. The six vowels of CSB were paired with
respect to frontness (/ɛ, i/, /a, ə/, /ɔ, u/), and the
overlap in height of the unstressed lower vowel in
each pair was assessed relative to (a) its stressed
counterpart and (b) the stressed and (c) unstressed
realisations of the lower vowel. There was no
evidence of the higher unstressed vowel in each pair
being different from its stressed counterpart. The
articulatory and acoustic results are not completely
aligned, but both diverge from the traditional model
of vowel reduction in CSB.
Keywords: Bulgarian, neutralization, reduction,
ultrasound imaging, acoustics, stress, articulation
1. INTRODUCTION
The question of vowel reduction in Contemporary
Standard Bulgarian (CSB) has been studied for over
five decades, yet there are still some conflicting
accounts. This should not be surprising as the fields
of phonetics and statistics have developed over that
time and it is also possible that moderate language
change has occurred.
Vowel duration has emerged as one of the most
consistent markers of vowel reduction in Bulgarian.
Stressed vowels are consistently longer than
unstressed ones [1, 9, 12, 15, 17]. It is possible to
hypothesise that in some cases the quantitative vowel
reduction could be related to the qualitative reduction
by preventing the underlying gesture to be carried out
to completion. Without focusing on vowel duration
[16] describe Bulgarian vowel reduction as a gradient
process of decreased mandibular opening, the extent
of which depends on the context and style of speech.
This account of vowel reduction would predict that

2720

the tongue position in unstressed vowels is higher
than in their stressed counterparts, especially for
vowels with a more mid or low place of articulation,
while the higher vowels would not change much. The
raising of the mid to low vowels /ɛ, a, ɔ/ (referred to
as “lower” in this paper) in unstressed position is
described by [12] without mention of the higher
vowels /i, ə, u/, implying that they do not undergo
important changes. Around the same time, [15]’s
articulatory investigation concludes that unstressed
/a/ and /ɔ/ are raised, /ə/ is lowered, and /e, i, u/ are
unchanged.
According to the dominant theoretical account of
Bulgarian vowel reduction [5, 13, 14], unstressed
vowels are neutralised into an intermediate
centralised position, involving raising for the lower
vowels and lowering for the higher vowels. The
unstressed central vowels /a/ and /ə/ are completely
neutralised in all dialects, /ɔ/ and /u/ are less so, while
/ɛ/ and /i/ only neutralise in Eastern dialects. This
account has been supported by [17] although none of
these authors report any experiments from which they
have obtained the formant data that they cite and is
possible that some are based on perceptual
judgement. For instance, [13] transcribe unstressed
/a/ and /ə/ as [ɐ] and /ɔ/ and /u/ as [o].
In the first and only corpus-based acoustic study
of casual Bulgarian speech, drawing from a more
representative sample, [1] find no evidence of higher
vowels being lowered in unstressed position. On the
contrary, they find that the lower unstressed vowels
are consistently raised, while the higher unstressed
vowels are either higher than or equal to their stressed
counterpart (as inferred from F1). [9]’s recent study
confirms these findings for the back vowels but finds
evidence of lowering for unstressed /ə/. He reports
that unstressed /ɔ/, /u/ and stressed /u/ overlap in F1.
In addition, [9]’s perceptual experiment demonstrates
that native Bulgarian listeners cannot reliably
discriminate between unstressed central and back
vowels, although they do discriminate between the
front vowels.
Considering that the major point of inconsistency
between the different studies and theoretical accounts
on Bulgarian vowel reduction is the behaviour of the
unstressed higher vowel in each pair, this study
focuses on its height realisation. The concept of

height is complex and is expected to affect vowels
slightly
differently
depending
on
the
operationalisation (articulatory or acoustic) and the
vowels’ typical place of articulation. It is beyond the
scope of this paper to address all the nuance regarding
the expected realisations for each vowel.

with an underlying /ə/, even though is spelled with /a/.
The word „полъх“ ending in /əx/ was included to
complete the list of word-final /ə/ tokens.
Each prompt was embedded in a carrier sentence
“Kazah … pak” (“I said … again”).
2.3. Recordings

2. RESEARCH QUESTIONS
The purpose of this study is to explore the effects of
Vowel and Stress on tongue height and F1 of the six
Bulgarian vowels (front: /e, i/, central: /a, ə/, back: /o,
u/).
First, it is expected that the unstressed allophone
of the higher vowel in each pair will be higher than
the stressed allophone of the lower vowel. Second,
the traditional account states the unstressed higher
vowel will be lower than its stressed counterpart and
merging with the lower unstressed vowel (mostly for
mid and back vowels). However, according to the
alternative account, the higher unstressed vowel will
be higher than or similar to its stressed counterpart. It
might merge with the lower unstressed vowel only for
the back vowels. [1, 12, 16]
2. METHODS
2.1. Participants

The participants were three male speakers, aged 2530, who were raised in Sofia. All the participants have
completed their secondary education in Bulgaria and
their further higher education in UK universities,
having moved to the UK around the age of 19. As the
available ultrasound equipment cannot be transported
and is located in the UK, outside of the nearest urban
centre, only three Bulgarian participants responded.
Even so, this sample is larger than those used by [12,
15, 16] and to our knowledge this is the first
ultrasound study on CSB vowel reduction. Therefore,
we believe it is a valuable addition to the existing
discussion.

The speakers were recorded in a quiet room at Queen
Margaret University, Edinburgh. They were fitted
with a probe-stabilising headset [10]. The purpose of
the headset was to ensure that the angle of the probe
remained the same throughout the recording of each
participant, allowing them to move their head and
upper body. To obtain occlusal planes the participants
were asked to gently bite and press their tongues
against a flat plastic plate before and after recording
the stimuli. The plate records the occlusal plane, a
reliable method of defining horizontal and vertical
orientations in the vocal tract.
The Cyrillic alphabet is not compatible with the
Articulate Assistant software, which made it
impossible to directly present the stimuli on the
screen. The consecutive number of the prompt was
displayed on the screen and the participants read the
corresponding prompt from a sheet of paper next to
the screen. In order to keep the task under 15 minutes
and prevent discomfort from wearing the headset, no
fillers were included. Instead, the stimuli were
randomised. The list was recorded twice. After the
recordings the participants answered a short
questionnaire on their linguistic and demographic
background.
Sound was recorded at sampling frequency 22.5
kHz using Omnidirectional Condenser Lavalier
Microphone AT803d attached to the headset. A
midsagittal view of the tongue during speech was
obtained using a Sonix RP ultrasound system and a
microconvex probe with an angle of view of 135°,
image depth 80 mm, 63 scanlines and speed of 100
fps.
3. ANALYSIS

2.2 Stimuli

There were 72 Bulgarian words as stimuli. Each of
the six vowels appeared in 4 words in stressed
syllables in either word initial or non-initial position
(24 words). Each of the 6 vowels also appeared in
four pretonic (2 initial and 2 non-initial) and four
posttonic positions (2 final and 2 non-final) (48
words). Attention was paid to ensure that there was a
balanced number of front and back consonants
following the vowel of interest. As there are no words
in Bulgarian which end with the grapheme „ъ“
(corresponding to an underlying phoneme /ə/) the list
included the word “кажа”, which historically ends
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A total of 432 tokens were recorded from the three
participants, however, due to one of the participants
not finishing the target word before the end of the
recording window, 12 vowel splines were missing in
the analysis, leaving 420 spline tokens for analysis.
The data was coded using the Articulate Assistant
Advanced software [2]. The vowels of interest were
segmented using the onset and offset of regular
periodicity of the waveform as a primary cue and the
formants on the spectrogram as a secondary cue. In
order to fit measurement splines to the participants’
tongue images, first, a template was prepared of each
speaker’s tongue for the vowel /ə/ (the most central

vowel of the set). That was used to automatically fit
tongue splines to the tongue images at every frame of
the vowel. Each frame was manually inspected. If
there were mistakes in the automatic fitting, the
tongue was manually retraced and then the Snap-tofit correction was applied to ensure the spline was
smooth.
The cartesian x, y coordinates of the tongue
splines were extracted at the vowel midpoint, which
consistently contained an articulatorily steady part of
the vowel. Before further analysis all tongue
measurements were rotated so that the occlusal planes
appeared horizontal across the participants. The y
coordinates were then centered around the occlusal
plane. Further mentions of tongue height from UTI
refer to this adjusted measure.
Each spline contains 42 measurement points and
the highest y coordinate from each spline was
selected for further analysis.
In addition, the first and second formant were
extracted also at the mid-point of the vowel (using
script [8] with Praat [4] and the same segmentations
as for the tongue curve analysis). The measures were
normalised using the Labov transformation from the
“vowels” package [6] on R [7].
Statistical analysis was performed on R [7] using
linear mixed effects models from the lme4 package
[3] and p-values were obtained from the afex package
[11]. Linear mixed effects model of tongue height and
F1 were built for each vowel pair according to
frontness. The predictors were Vowel (the lower
vowel as default), Stress (‘unstressed’ as default) and
their interaction, as well as random slopes of these
predictors with Speaker and a random intercept for
Word.

Table 1. Results of lmer for the effects of Vowel and
Stress on tongue height for each vowel pair.
Vowel Predictor
Pair
front
Intercept (unstressed /i/)
Vowel (unstr. /i/ vs. unstr. /e/)
Stress (unstr. /i/ vs. str. /i/)
Vowel : Stress (unstr. /i/ vs. str. /e/)
mid
Intercept (unstressed /ə/)
Vowel (unstr. /ə/ vs. unstr. /a/)
Stress (unstr. /ə/ vs. str. /ə/)
Vowel : Stress (unstr. /ə/ vs. str. /a/)
back
Intercept (unstressed /u/)
Vowel (unstr. /u/ vs. unstr. /o/)
Stress (unstr. /u/ vs. str. /u/)
Vowel : Stress (unstr. /u/ vs. str. /o/)

Estimate

Std. Error

t-value

p

17.4
-6.1
1.3
-2.6
10.7
-3.1
-1.7
-1.4
11.8
-1.6
-0.3
-4.7

1.3
0.6
0.7
0.9
2.6
1.0
1.4
1.3
3.5
0.6
0.8
1.1

13.0
-10.4
2.8
-2.9
4.2
-3.2
-1.2
-1.1
3.4
-2.7
-0.3
-4.3

0.004
<0.0001
0.086
0.004
0.049
0.019
0.314
0.286
0.078
0.025
0.762
<0.0001

The back vowels had a similar pattern to the front
vowels. Unstressed /u/ was the same as stressed /u/
and higher than stressed and unstressed /ɔ/.
Figure 1. Boxplot of maximal tongue height centered
around the occlusal plane for Bulgarian vowels in
different stress positions.

4. RESULTS
4.1. Statistical results for tongue height from UTI

4.2. Statistical results for F1

The results for the models on tongue height are
presented in Table 1.
The tongue height for unstressed /i/ was the same
as for stressed /i/. It was also distinctly higher than the
height for stressed and unstressed /ɛ/.
The central vowels showed a different pattern. The
tongue height of unstressed /ə/ was higher than
unstressed /a/ (although with a small effect size) but
it was indistinguishable from stressed /a/ and stressed
/ə/, although it had a tendency to be higher than both
of them. This result is unexpected when observing
Figure 1. It might be an artefact due to the large
variability and a lower number of tokens for
unstressed /ə/ (n = 40) compared to unstressed /i/ (n =
49) and unstressed /u/ (n = 52).
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The results for the models on F1 are presented in
Table 2.
The results for the front vowels are consistent with
the tongue height measurement. F1 of unstressed /i/
was the same as stressed /i/ and lower than stressed
and unstressed /ɛ/.
The central vowels showed the same pattern.
Unstressed /ə/ was not different from stressed /ə/ and
it had significantly lower F1 than stressed and
unstressed /a/. This pattern diverged from the UTI
findings, which showed that unstressed /ə/ was not
different from stressed /a/.
Lastly, the back vowels had more overlap.
Similarly to the previous formant comparisons,
unstressed /u/ was the same as stressed /u/ and it had

significantly lower F1 than stressed /ɔ/. However, it
was also the same as unstressed /ɔ/.
Table 2. Results of lmer for the effects of Vowel and
Stress on F1 for each vowel pair.
Vowel Predictor
Pair
front Intercept (unstressed /i/)
Vowel (unstr. /i/ vs. unstr. /e/)
Stress (unstr. /i/ vs. str. /i/)
Vowel : Stress (unstr. /i/ vs. str. /e/)
mid
Intercept (unstressed /ə/)
Vowel (unstr. /ə/ vs. unstr. /a/)
Stress (unstr. /ə/ vs. str. /ə/)
Vowel : Stress (unstr. /ə/ vs. str. /a/)
back Intercept (unstressed /u/)
Vowel (unstr. /u/ vs. unstr. /o/)
Stress (unstr. /u/ vs. str. /u/)
Vowel : Stress (unstr. /u/ vs. str. /o/)

Estimate

Std. Error

t-value

p

421.3
168.1
-15.6
152.1
609.6
71.1
-17.4
282.1
505.6
23.2
-22.3
235.8

12.5
21.8
21.7
28.3
41.2
28.1
34.7
38.5
12.7
17.2
23.3
30.1

33.7
7.7
-0.7
5.4
14.8
2.5
-0.5
7.3
39.7
1.3
-1.0
7.8

<0.0001
0.0005
0.478
<0.0001
0.001
0.026
0.627
<0.0001
<0.0001
0.208
0.353
<0.0001

Figure 2. Boxplot of F1 distinctions between Bulgarian
vowels in different stress positions (reversed F1 scale).

5. DISCUSSION
Overall, there is no evidence that the higher
unstressed vowels become systematically lowered to
merge with the lower unstressed vowels, contrary to
the traditional account of Bulgarian vowel reduction
[5, 13, 14]. The present results are in line with the
predictions of the reduction-as-raising model
supported by [1, 16]. They are also generally in line
with the results of the auditory experiment by [9]. In
all cases, both in tongue and F1 analyses, the higher
unstressed vowels were not significantly different
from their stressed counterpart. The unstressed higher
vowel tended to be higher than the stressed and
unstressed lower vowel in each pair. The two
exceptions are unstressed /ə/ being the same as
stressed /a/ (from the UTI analysis) and unstressed /u/
and /ɔ/ being the same (from the formant analysis).
Considering Fig.1 and Fig.2, it appears that the
maximal tongue coordinate data is a lot more variable
than the formant data. This suggests that the highest
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point of the tongue is possibly a less reliable
descriptor of the identity of the Bulgarian vowels than
F1. The greater variability in the tongue data,
combined with fewer tokens than the other two vowel
pairs, might explain the inconsistent result for the
central vowels, where unstressed /ə/ was not different
from stressed /a/. At the same time two of the results
for the central and back vowels that were significant
had very small effect sizes of about 2 mm (unstressed
/ə/ vs. unstressed /a/, and unstressed /u/ vs. unstressed
/ɔ/). These results should be interpreted cautiously as
they also correspond to small or non-significant
effects in the F1 analysis. It is possible that they are
false positives. Future studies could try to improve the
precision of articulatory data by investigating the
effect of raising the whole tongue using generalised
mixed effect models as opposed to focusing on the
highest point only.
In addition to this variability, the F1 data is more
variable for unstressed vowels than for stressed
vowels (see Figure 2). This suggests that the reduced
vowels have less precise targets than the stressed
ones. While there is no evidence of a systematic
lowering or raising of the unstressed higher vowels
compared to their stressed counterparts, the variance
suggests that both lowering and raising were
observed. However, descriptively it appears that the
lower vowel shows much more consistent raising
(except the articulatory data for /ɛ/), hence any
merger or closeness between the unstressed vowels in
each pair is more likely to be a result of the behaviour
of the lower vowel. This result for the higher vowels
is more likely explained by the account of selective
relaxation of articulatory control, proposed by [16],
rather than a manifestation of a different gestural
target.
6. CONCLUSION
There was no difference between the higher stressed
and unstressed Bulgarian vowels in each pair. The
unstressed front vowels are significantly different
from each other in terms of tongue height and F1,
while the central and back unstressed vowels are less
reliably distinguished, similar to the findings of [1, 9,
16] and differing from the traditional account of CSB
reduction [5, 13, 14]. The F1 analysis appeared more
precise than the articulatory one. It showed a larger
variability for the unstressed vowels, suggesting less
precise manifestations of the articulation targets. A
potential path for future research would be to
investigate the effects of specific surrounding
environments on the amount of raising. It is also
recommended that future articulatory studies on
Bulgarian vowels explore the raising of the whole
tongue body as opposed to the highest point only.
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ABSTRACT

Most of the work on the prosodic structure of
Australian languages is impressionistic, as Fletcher
and Butcher [12] note, and systematic comparative studies for multiple languages on any aspect of
acoustic phonetics are rare. The studies that exist to
date [19, 12, 6, 18] show that Australian languages
vary in a number of respects, reinforcing the notion
that the ‘relative uniformity’ [4] of Australian languages is at best a superficial statement about surface inventory.
Here we utilize data from three languages from
different parts of the country to study another aspect of language variation: the realization of lexical stress. We investigate the between-language
and within-language variation in four parameters of
stress variation: F0, duration, intensity, and vowel
space. Results show that the languages in the sample
have different cues for the realization of stress, but
speakers are consistent within languages except for
features which we would expect to be conditioned
by gender (such as F0 realizations).

Acoustic cues to stress across Australian languages
have not been widely studied. This paper looks at
the variation in cues (duration, intensity, and F0)
across some languages of Australia. Most of these
languages have consistent initial stress systems, but
the variation seen in their acoustic cues to stress
belies a more diverse linguistic landscape than this
might suggest. Within-language variation is either
not significant or varies in predictable ways based
on speaker sex. Between-language variation, on the
other hand, is shown to be statistically significant
in the vast majority of language comparisons. This
work opens up many avenues of research in the subfields of phonetic variation and sound change.
Keywords: Phonetics of Sound Change; Phonetics
of Lesser Documented and Endangered Languages.
1. INTRODUCTION
1.1. Background to topic

1.2. Languages

It has become a common observation of Australian
prosodic systems that the languages of the continent
overwhelmingly exhibit initial stress [9, 10, 14].
Goedemans [14] finds that 80% of the languages of
Australia have initial stress, while most of the remainder have a quantity-sensitive system, most frequently described as stress realization on long vowels. However, no one (to our knowledge) has compared the realization of lexical stress across Australia, to study the ways in which phonetic and
phonological systems might differ, and how variable are the instantiations of phonological representations within and between languages. This paper
presents a proof of concept study using the realization of lexical stress in a small number of languages.
Increasingly, work on phonetics in Australian languages is uncovering cross-linguistic variation, even
where segmental inventories are similar or identical.
For example, Fletcher and Butcher [12] show that
Iwaidja, Warlpiri, and Bininj Gun-wok differ in their
utilization of the vowel space in stressed and unstressed syllables, despite having superficially similar inventories.

Data for this project comes from three languages:
Bardi, Wubuy, and Yidiny. Bardi and Wubuy
are non-Pama-Nyungan languages, while Yidiny is
Pama-Nyungan. Bardi is the northernmost member of the Nyulnyulan family, while Wubuy is a
Gunwinyguan language from Central Arnhem Land.
The place of Yidiny in the Pama-Nyungan family is
not agreed on; some place it as a member of the Paman family [2] while others [10] treat it as a primary
subgroup (along with Djaabugay) of Pama-Nyungan
or a higher-order family.
Bardi has uncontroversial consistent initial stress
[3]. Initial syllables are longer than those later in
the word and have higher average F0. Analysts have
noted a secondary stress on the first syllable of inflecting verb roots. Wubuy stress is initial by default, but attracted to the penult when that syllable is
heavy (Brett Baker, p.c.). Yidiny stress is described
by Dixon [7] as being initial in words containing
short vowels, attracted to long vowels in certain positions in the word, and triggering deletion in certain
contexts beyond the scope of this paper (see further
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Dixon [7, 8]). Dixon [7] mentions that Yidiny stress
is frequently attracted to initial syllables in larger
prosodic units (see also Nash [16]). Bowern et al. [5]
show that Yidiny stress is better analyzed as a consistently initial system and that analysis is followed
here.
A map of the languages included in the sample is
given in Fig 1 below:

2.2. Analytical Methods

The following acoustic measures were extracted
from Praat: consonant and vowel duration, maximum intensity, maximum pitch and pitch range, and
vowel formants. All of these are potentially correlated with stress [13, 20], but not every measure
taken is a correlate of stress in every language tested.
Plots were made with ggplot2 [21] and
ggridges [22], and vowel plots with the phonR [15]
package in R [17]. Pairwise Wilcoxon tests were run
with the stats [17] package to compare distribution
means. When multiple variables are involved, as in
comparing vowel means, linear regressions were run
in lme4 [1] with language, speaker, and segment as
fixed effects.

Figure 1: Map of the languages used in the sample.

3. RESULTS
There is considerable (significant) variation across
these languages. Within-language variation between
speakers exists in some cases, usually related to
known differences in speech production which are
conditioned by gender.
Duration varied among languages both in terms
of overall distributions and whether there was an effect of vowel length or stress on duration. Figure
2 shows these distributions by language and vowel
type. Mean durations were compared with pairwise
Wilcoxon tests, and were found to be significantly
different (p < 0.001) between languages. Withinlanguage speaker differences were found for Bardi
across all speakers (p < 0.001), but not for speakers in Yidiny or Wubuy (p > 0.05). These distributions demonstrate how much variation exists
between these languages. Yidiny and Wubuy exhibit noticeable variation based on phonemic vowel
length and stress, while Bardi does not seem to have
such variation. Bardi, on the other hand, shows considerable between-speaker variation here.
Distributions of maximum vowel intensity are
shown in Figure 3. Only Wubuy is significantly
different from the other two languages in the sample (p < 0.001). Bardi and Yidiny are statistically
indistinguishable from one another on this measure
(p > 0.05). These results seem to show clear stressrelated variation, as only Wubuy shows some differences in vowel intensity based on stress, and neither
Bardi nor Yidiny have such a difference.
Mean values of maximum pitch (distributions in
Figure 4) are significantly different between languages (p < 0.001). Within-language speaker variation was also significant between all speakers in each
language (p < 0.001). These results are consistent in
both pairwise Wilcox tests and linear regression. It

2. METHOD AND MATERIALS
2.1. Speakers

The Wubuy recordings were made by Brett Baker
and Rikke Bundgaard-Nielsen from 3 speakers in
2018. Bardi recordings were made from three fluent speakers recorded over the period 1990–2008.
Jessie Sampi, Bessie Ejai, and Nancy Isaac contributed material. Early recordings were made on
analog cassette tapes and digitized with an Edirol
R-09 solid state recorder, at 16 bit 44KHz. We
also used 45 minutes of speech from Yidiny speakers Tilly Fuller and Dick Moses, recorded by R. M.
W. Dixon in the early 1970s, which were digitized
by The Australian Institute of Aboriginal and Torres Strait Islander Studies at archival standards. The
Bardi and Yidiny data are narratives that were forced
aligned using the p2fa algorithm [11] and manually corrected. Wubuy data consist of 36 trisyllabic
words in a frame sentence with 5 repetitions each
per speaker, aligned by hand.
The data used are a sample of convenience and
were not created for the purposes of this study, but
they provide a useful and fairly reliable source of
data for a preliminary exploration. While factors
such as speaker age, language contact, and other sociolinguistic factors may have some effect on the
measurements extracted from these data, the authors do not anticipate these issues compromising
the comparability of the results in any way
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Figure 4: Distribution of maximum pitch values
between all languages. All languages significantly
different (p < 0.001).

Figure 2: Distribution of vowel duration measurements across languages in the sample. All
pairwise means significantly different (p <
0.001).

Figure 3: Distribution of maximum vowel intensity between all languages. Bardi and Yidiny
means are not significantly different (p > 0.05),
while the Wubuy mean is different from both
Bardi and Yidiny (p < 0.001).

Figure 5: Mean vowel measurements across all
languages in the sample. Means significantly different on at least one dimension (F1 or F2) for all
languages.

may be, given these results, that the language differences observed for pitch maximum are simply reflecting speaker differences. The same results were
found for measures of pitch range over the vowel.
Figure 5 shows mean vowel measurements for
each vowel in all three languages, collapsed across
speakers. Both between and within language differences were found for vowel space. Linear regression models show that Yidiny’s vowels are significantly different than Wubuy and Bardi vowels
(p < 0.001), while Wubuy and Bardi have statistically similar F1 values (p > 0.05) and different F2
values (p < 0.001). Within each language, speaker

variation was generally found to be significant. In
some cases, these differences can be attributed to
speaker gender, but same-gender speaker differences
were also found.
Upon further investigation, it was also found that
for all languages, F1 is significantly different (p <
0.001) between stressed and unstressed vowels, controlling for segment and speaker. For Yidiny and
Bardi, the trend is that stressed vowels are more central (approximated by higher F1), while in Wubuy
stressed vowels are generally more peripheral (lower
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F1).

[7] Dixon, R. 1977. A grammar of Yidiny. Cambridge:
Cambridge University Press.
[8] Dixon, R. 1977. Some phonological rules in
yidinˆ\rmy. Linguistic Inquiry 8(1), 1–34.
[9] Dixon, R. 1980. The Languages of Australia. Cambridge: Cambridge University Press.
[10] Dixon, R. 2002. Australian languages: their nature
and development. Cambridge: Cambridge University Press.
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Dissertations 86.
[12] Fletcher, J., Butcher, A. 2014. Sound patterns of
australian languages. In: Nordlinger, R., Koch, H.,
(eds), The Languages and Linguistics of Australia:
A Comprehensive Guide. Berlin: Walter de Gruyter.
[13] Fry, D. B. 1955. Duration and intensity as physical
correlates of linguistic stress. The Journal of the
Acoustical Society of America 27(4), 765–768.
[14] Goedemans, R. 2010. An overview of word stress
in Australian Aboriginal languages. In: van der
Hulst, H., Goedemans, R., van Zanten, E., (eds), A
survey of word accentual patterns in the languages
of the world. Berlin/New York: Walter de Gruyter
55–86. 00004.
[15] McCloy, D. R. 2016. phonR: tools for phoneticians
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[16] Nash, D., others, 1979. Yidiny stress: a metrical
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[18] Tabain, M., Butcher, A. 1999. Stop consonants
in yanyuwa and yindjibarndi: locus equation data.
Journal of Phonetics 27(4), 333–357.
[19] Tabain, M., Fletcher, J., Butcher, A. 2014. Lexical
stress in pitjatjantjara. Journal of Phonetics 42, 52–
66.
[20] Van Bergem, D. R. 1993. Acoustic vowel reduction
as a function of sentence accent, word stress, and
word class. Speech communication 12(1), 1–23.
[21] Wickham, H. 2016. ggplot2: Elegant Graphics for
Data Analysis. Springer-Verlag New York.
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4. DISCUSSION AND CONCLUSIONS
This paper has shown the results of a preliminary exploration of some aspects of acoustic variation across three unrelated Australian languages,
namely: duration, F0, intensity, and vowel space.
All three languages in this study differ from one another on at least a few of the measures considered,
suggesting that phonetic variation in these languages
is wide-ranging.
Next steps in this work include adding more Australian languages to this sample, and determining
what (if any) acoustic measures can be explained by
a language’s stress system and/or its history. Some
points for further investigation came out of the results just presented. Duration measures show variation based on whether vowels are generally longer
when stressed than not. Wubuy also shows a stress
difference in intensity measures, while Yidiny and
Bardi do not. All languages also show a difference
in F1 values based on stress, but Wubuy trends towards more peripheral stressed vowels, while Yidiny
and Bardi have more central ones. One can imagine
that similar sorts of variation exist for other potential
correlates of stress as well, such as spectral tilt, pitch
peak anchoring, and post-stress consonant lengthening.
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ABSTRACT
We examined the acoustic correlates of lexical stress
in the non-Pama-Nyungan language Wubuy
(Northern Territory, Australia). We tested two
hypotheses about stress: that stress is determined by
(1) a combination of syllable position in prosodic
word and quantity sensitivity, or (2) by position
alone. To test these hypotheses, we elicited
trisyllabic noun roots differing in position of heavy
syllables in frame-final environments from 3
speakers. We found that both position and predicted
stress based on prior phonological descriptions could
account for many correlates (segment and syllable
duration, f0, intensity, vowel formants) although
overall syllable position appeared to account for
more of the variance.
Keywords: Stress, weight, Australian languages
1. INTRODUCTION
Stress in Australian Indigenous languages has
been the topic of descriptive (impressionistic) and
instrumental examination, but has proven somewhat
elusive to characterise in terms of standard acoustic
correlates. The primary cue to main stress appears to
be f0 excursions, not necessarily located on the
metrically prominent syllable, with conflicting
evidence for other parameters (e.g. see Error!
Reference source not found. for an overview).
Among the correlates which have been suggested are
segment duration e.g. Bardi: [10], Kayardild: [11];
syllable duration e.g. Bininj Gun-wok: [3]; vowel
quality e.g. Dalabon: [6]; and vowel intensity e.g.
Dalabon: [6]. Current analyses of metrical structure
have been based on largely impressionistic
descriptions of fieldworkers. Most Australian
languages are reported to have main stress initially
in words or roots [5], [1], although a number of
northern Australian languages are reported to prefer
penultimate main stress. Long vowels are reported to
attract stress in a number of Australian languages,
such as Nhanda, Banyjima, and Ngiyampaa [2].
Some Australian languages have been described as
having longer consonants following stressed
syllables (‘post-tonic lengthening’: see e.g. Error!
Reference source not found.). This dataset did not
contain a sufficient material to test this hypothesis,
although a small sample showed differences in this
direction (not reported here). Finally, a small
number of Australian languages have been reported
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to have quantity-sensitive stress determined by
closed syllables, as opposed to long vowels, notably
Ngalakgan [1], but with suggestions that the pattern
may be found more generally in Arnhem Land.
Here, we test the phonological description of
stress in noun roots of the non-Pama-Nyungan
Australian language Wubuy (a.k.a. Nunggubuyu:
[8]). Wubuy is a northern Australian language, and
like many of those, appears to have a conflict
between initial and penultimate stress in trisyllabic
words [1]. Wubuy has previously been analysed in a
metrical framework as having quantity-sensitive
stress, where heavy syllables are defined as those
with long vowels [9]. Impressionistically, however,
syllables where a vowel is followed by a
heterorganic cluster also appear to attract stress, as
in Ngalakgan [1], and it may be unique in having
this combination of heavy syllables. Note that [9]
treats homorganic nasal-stop clusters as complex
segments in Wubuy, and hence, these do not count
as closed syllables for the stress algorithm (and
compare [1] on Ngalakgan). However, and
impressionistically again, the first author hears
initial stress on syllables where a vowel is followed
by a homorganic cluster, even if the following
syllable is heavy, and they may thus be heavy in this
position, exceptionally. Under an a priori metrical
analysis like that of Ngalakgan [1], we predict that
trisyllabic roots will be assigned strictly bimoraic,
trochaic feet from the left edge, where heavy
syllables are defined as those with long vowels or
those where the nucleus is followed by a
heterorganic cluster, or, in initial syllables, where
the nucleus is followed by any cluster. Thus, roots of
the form /l̪ aŋata/ ‘jungle’ should be stressed as
[ˈl̪ aŋata] i.e. (l̪ aŋa)ta, where parentheses indicate
bimoraic foot boundaries; while a form such as
/cuɭurpi/ ‘salmon’ should be stressed as [cuˈɭurpi],
i.e. cu(ɭur)pi, because of the medial closed syllable.
Furthermore, a form such as /cimiɳʈi/ ‘harpoon
spike’ should also receive initial stress, as [ˈcimiɳʈi],
because the homorganic cluster does not contribute
weight to the preceding syllable (see [1] for
discussion implications for syllable theory), and
hence the metrical structure is (cimi)ɳʈi. Finally,
/ɭuŋkurma/ ‘northeast wind’ should be stressed as
[ˌɭuŋˈkurma] where the initial closed syllable is
exceptionally marked as heavy, hence the metrical
structure is (ɭuŋ)(kur)ma.
In this study, we test two competing hypotheses.
One hypothesis is that stress is assigned initially

unless there is a heavy syllable in medial position, as
in [1]. The other hypothesis is that stress is simply
associated with penultimate position, as in [9]. The
acoustic correlates targeted were those identified as
being the most indicative cross-linguistically:
duration, fundamental frequency (f0), and intensity,
in that order, according to a recent survey [7] (See
Section 3.1). In addition to these acoustic
parameters, we include measures of F1 and F2,
under the hypothesis that stressed vowels are more
acoustically extreme (i.e. hyperarticulated) than
unstressed vowels, as in the related language
Dalabon [6] (see Section 3.2).
2. METHOD
Three literate female native speakers (aged
between around 55-65) produced five repetitions of
30 target words in a frame-final position (nunjamayn ___?: ‘Did you say ___?), where the stimuli
were presented on a laptop screen in the Wubuy
orthography. However, the stimulus was visible only
for the first production, after which the screen was
lowered (in an attempt to avoid reading intonation).
All target items were trisyllabic independent
noun roots of Wubuy, containing a variety of open
and closed syllables, resulting in a total of 869
analysable syllables. Recordings were handsegmented into vowel and consonant segments using
visible landmarks and the following measures were
extracted using praat [4]: vowel (VDur) and syllable
duration (SyllDur), pitch maximum (PMax) and
minimum (PMin), pitch range (PR), and normalised
intensity max/segment (IntMax). We classified each
syllable as either ‘stressed’ or ‘un-stressed’ on the
basis of the phonological analysis described in §1.
We aimed to test two competing hypotheses: that
stress is assigned on the basis of metrical principles,
including quantity sensitivity, or that stress is
assigned purely on the basis of position in word
(regardless of weight), where the favoured metrical
position in Wubuy is penultimate, following [9]. In
Section 3.1, below, we present the results from an
analysis of differences in pitch, intensity and
duration in Syll 1 and Syll 2 position, and according
to assigned stress, in Wubuy. Section 3.2 presents
the results of the acoustic analyses of differences in
vowel F1 and F2, by the three Wubuy vowels /a i u/.
3. RESULTS
3.1. Pitch, intensity and duration in syllables

The dataset provided a total of 465 unstressed
syllables (156 in Syllable 1; 309 Syllable 2), and a
total of 404 stressed syllables (278 Syllable 1; 126
Syllable 2) (see Table 1), where 'stressed' is
computed according to the a priori metrical analysis
involving quantity-sensitivity. We excluded long
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vowels from the analysis because there were
insufficient numbers to validly test the effect of long
vowels on acoustic correlates.
We conducted a 2x6 Multivariate Analysis of
Variance with the independent variables ‘syllable
position’ (Syllable 1 vs Syllable 2) and ‘stress’
(Stressed versus Unstressed) and the dependent
variables pitch maximum (PMax), pitch minimum
(PMin), pitch range (PR), intensity max in the target
vowel (IntMax), vowel duration (VDur) and syllable
duration (SyllDur). There was a significant effect of
‘syllable position’ (DoF 1, 865 in all cases) for
PMax (F = 27.985, p < .001); PR (F = 37.779, p <
.001); IntMax (F = 11.004, p = .001); SegDur (F =
250.297, p < .001); and SyllDur (F = 653.574, p <
.001), with the two latter contributing 22% and 43%
of the residual variance, respectively. Similarly,
there was a significant effect of ‘stress’ for PMin (F
= 7.776, p .005); IntMax (F = 6.114, p = .014);
SegDur (F = 15.194, p < .001); and SyllDur (F =
88.772, p < .001) though the effect of ‘stress’ was
much smaller: < 2% of the residual variance for all,
except SyllDur for which ‘stress’ accounted for 9%.
There was an interaction between ‘syllable position’
and ‘stress’ only for SyllDur (F = 33.376, p < .001).
Table 1: Pitch, intensity and duration differences
according to the factors of syllable position (1 =
initial, 2 = penultimate) and stress.

PMax
PMin
PR
IntMax
VDur
SyllDur

Syll #

Unstr. M(SD)

Str. M(SD)

1
2
1
2
1
2
1
2
1
2
1

178 (15)
185 (19)
165 (16)
166 (21)
14 (9)
19 (14)
81 (3)
82 (3)
84 (17)
117 (29)
168 (37)

180 (16)
187 (16)
168 (14)
170 (16)
13 (7)
17 (8)
82 (3)
82 (4)
N/A
124 (41)
180 (45)

2

235 (53)

287 (47)

3.2. F1 and F2 in syllables

The dataset provided a total of 590 tokens of /a/ (109
unstressed and 233 stressed tokens in Syllable 1; 188
unstressed and 60 stressed tokens in Syllable 2). It
also provided 94 /i/ tokens (15 unstressed and 15
stressed tokens in Syllable 1; and 30 unstressed and
34 stressed tokens in Syllable 2). Finally, the dataset
provided 185 /u/ tokens (32 unstressed and 30
stressed in Syllable 1; 91 unstressed and 32 stressed
in Syllable 2). Mean F1 and F2 values (including
standard deviations in parentheses) are presented in
Table 2.

We conducted a series of three Multivariate
Analyses of Variance, treating each vowel separately
(DoF 1, 585 for /a/; DoF 1, 90 for /i/; and DoF 1,
181 for /u/).In the case of /a/, the MANOVA
indicated that there was a significant effect of
‘syllable position’ for both F1 (F = 19.427, p <
.001), and F2 (F = 5.433, p = .02), though the effect
was very small for both (3% for F1; 1% for F2).
There was also an effect of ‘stress’ for both F1 (F =
13.373, p < .001) and F2 (F = 16.504, p < .001),
though, again, the effect was small (2% for F1; 3%
for F2, respectively); see Figure 1.

Table 2: Formant differences in syllable 1 and 2.
Formant

1600

1580

1560

1540

1520

1500

1

F1 /a/

2
1

F2 /a/

2

Figure 1: Formant distribution of stressed (darker
shades) and unstressed (paler shades) /a/ in
syllable 1 (triangles) and syllable 2 (circles).
1620

Syll #

1

F1 /i/

1480
620

σ̆1

2

630
640

1

F2 /i/

650

2

660

σ̆2

670

σ́1

680
σ́2

1

F1 /u/

690
700

2

In the case of /i/, the MANOVA indicated that
there was a significant effect of ‘syllable position’
for both F1 (F = 4.529, p = .036) and F2 (F =
49.785, p < .001), the first of which accounts for 5%
and the latter for 36% of the residual variance.
Closer inspection of the Mean unstressed F2 values
(see Table 2) provide some explanation for this
finding: the F2 value of unstressed /i/ in Syllable 2 is
notably centralised in our dataset. This is likely due
to /i/ being followed by retroflex segments in all
tokens in this position, resulting in a lower F2 value
for the target due to anticipatory co-articulation.
There was also a significant effect of ‘stress’ for F2
(F = 30.462, p < .001) (here, accounting for 25% of
the variance). There was a significant interaction for
both F1 (F = 4.315, p = .041) and F2 (F = 5.809, p =
.018); see Figure 2.
Finally, in the case of /u/, the MANOVA
indicated that there was also an effect of ‘syllable
position’ for F1 (F = 9.485, p = .002) and F2 (F =
61.71, p < .001), with ‘syllable position’ accounting
for 25% of the residual variance observed. There
was also an effect of ‘stress’ for F2 (F = 4.136, p =
.043), accounting for 2% of the residual variance.
There was a significant interaction for F2 (F =
5.765, p = .017); see Figure 3.
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1

F2 /u/

2

Stress

M (SD)

N

Ustr.
Str.
Ustr.
Str.

627 (96)
675 (94)
681 (76)
694 (83)

109
233
188
60

Ustr.

1605 (225)

109

Str.

1517 (175)

233

Ustr.

1549 (180)

188

Str.

1488 (242)

60

Ustr.
Str.
Ustr.
Str.

389 (17)
356 (18)
390 (68)
395 (21)

15
15
30
34

Ustr.

2143 (227)

15

Str.

2338 (100)

15

Ustr.

1549 (290)

30

Str.

2046 (345)

34

Ustr.
Str.
Ustr.
Str.

401 (40)
403 (27)
422 (57)
429 (35)

32
30
91
32

Ustr.

1265 (269)

32

Str.

1255 (215)

30

Ustr.

968 (134)

91

Str.

1096 (124)

32

Figure 2: Formant distribution of stressed (darker
shades) and unstressed (paler shades) /i/ in syllable
1 (triangles) and syllable 2 (circles).
2600

2400

2200

2000

1800

1600

1400

1200

1000
350
355

σ́1

360
365
370
375
380
385
σ̆1

σ̆2
σ́2

390
395
400

Figure 3: Formant distribution of stressed (darker
shades) and unstressed (paler shades) /u/ in
syllable 1 (triangles) and syllable 2 (circles).
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1200

1100

1000

900

800
395
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410
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σ̆2
σ́2

420
425
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4. DISCUSSION
Our study was designed to test two competing
hypotheses about lexical stress in Wubuy. The first,
following [1], would predict initial stress in
trisyllabic roots except those containing a medial
closed syllable, which should behave as metrically
heavy. The second, following [9], predicts consistent
penultimate stress in trisyllabic roots. On balance,
the second hypothesis receives more support from
the acoustic measures tested with this dataset,
although the picture is not fully consistent. On the
one hand, the location of stressed syllables in a word
according to hypothesis 1 appears to have effects on
F0, intensity, segment and syllable duration. On the
other hand, raw syllable position (which does not
take into account potential syllable weight), also has
effects on these correlates, and in most cases the
effects are greater. Syllable position (initial vs
penultimate) and stress also interact, and this
interaction is perhaps most prominent in its effects
on syllable duration, where we see (Table 1) that a
second syllable which is also stressed (according to
hypothesis 1) is much longer than either an
unstressed second syllable (by an average of 52 ms)
or a stressed initial syllable (by an average of 107
ms). The magnitude of difference between an
unstressed initial syllable and a stressed second
syllable is also greater than that between Syllable 1
and Syllable 2 overall, which is 176 ms in Syllable 1
vs. 250 ms in Syllable 2, a difference of around 75
ms. In order to test whether there is a consistent
effect on syllable duration, however, we would need
a much more balanced dataset, taking into account
syllable structure and segments.
The effects on vowel quality, reported in Section
3.2, are also mixed. As with the results for pitch,
intensity and duration, we find that predicted stress
according to hypothesis 1 and raw syllable position
both contribute to the variation, with the added (and
unexamined) factor of coarticulation from
neighbouring consonants contributing to the
difficulty in assigning this variation to one or the
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other variable. For the low vowel /a/ (Figure 1), it
appears that stress results in more open and back
vowels, relative to their unstressed counterparts. The
results for the high front vowel /i/ are difficult to
interpret: stressed vowels in syllable 1 are
significantly more peripheral, but stressed vowels in
Syllable 2 are much like unstressed vowels in
Syllable 1. Coarticulation effects are presumably at
work here, but these results are also reminiscent of
similar findings for other Australian languages
including Pitjantjatjara [12]. In the case of the high
back vowel /u/, it is again difficult to see any clear
picture, although syllable position appears to play a
much greater role than stress. Stressed and
unstressed /u/ in Syllable 1 are in much the same
position, while /u/ in syllable 2 appears to be lower
and more back, relative to the qualities in syllable 1.
Finally, some impressionistic comments on pitch.
The F0 contours in this dataset have the appearance
of a phrasal boundary tone consistently realized as
either HL% or HH% (depending on speaker and
utterance), aligned to the final two syllables, largely
irrespective of the location of the predicted stressed
syllable. It is possible that this reflects a task effect,
such that the frame-final position has produced pitch
contours that largely reflect phrasal, rather than
lexical, accent. Further data collection using a range
of intonational frames should help to examine this
hypothesis.
In conclusion, we think there are still a number of
issues remaining to be explored with respect to
stress in Wubuy. In particular, the existence and
correlates of quantity-sensitive stress remain elusive.
While syllable position can account for much of the
variance that we observe in the data, however, there
are some interactions (such as syllable duration) that
produce greater effects in combination with stress
than we would expect if stress were a purely illusory
phenomenon.
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ABSTRACT
The aim of this paper is to investigate how contrast is
maintained in highly reduced speech in Standard
Southern British English. To this end, a carefully
controlled elicitation task was designed to collect
reduced forms of function words – which are known
to be prone to high degrees of reduction – in anacrusis
(initial unstressed position). Specifically, the small
paradigmatic system of pronoun and contracted
auxiliary sequences was recorded and analysed. This
paper reports on the acoustic analysis of a few
contrasting paradigms (we’d vs we’ll and you’d vs
he’d) focussing on the phonetic features that help
maintain the distinction between them. The results
indicate that the contrast is maintained by ‘apparently
missing’ phonetic features being temporally redistributed rather than segmentally realised.
Keywords: Reduction; function words; SSBE;
contrast; English auxiliaries.

than content words. Moreover, function words do not
normally receive phrasal stress and can occur in
unstressed positions [25]. The position of words in the
prosodic structure is crucial in determining their
realisation – sounds and words in unstressed position
tend to have a shorter duration, lower amplitude, and
decreased magnitude of gestures [7, 11].
Despite the pervasiveness of reduction in all
speech styles [26], and cases of extreme reduction
known to be more common than previously thought
[16], reduced speech usually remains intelligible [12].
The aim of this research is to investigate how the
contrast between minimal pairs that convey linguistic
information is maintained in highly reduced speech.
To this end and taking into account all the aspects that
affect the degree of reduction listed above, sequences
of pronoun and auxiliary were recorded and analysed.
The hypothesis is that phonetic features of reduced
sounds remain in the signal even in highly reduced
speech.
1.2. English pronouns and auxiliaries

1. INTRODUCTION
1.1. Reduction

The broad term reduction refers to patterns of
variation of speech sounds in connected speech in
which sounds (and stretches of sounds) are associated
with temporal reduction and articulatory undershoot
[22, 2]. Compared to their full forms – e.g. the citation
form of words found in dictionaries – reduced sounds
and words are characterised by shortening, vowel
centralisation and monophthongisation, more open
consonant articulation, apparent deletion of phonetic
features or segments and increase in coarticulatory
features [20, 13].
The degree of reduction depends on several
factors. The frequency with which a word or phrase
recurs in speech is correlated with its degree of
reduction [5]. Several studies have shown that sounds
and syllables in more frequent words tend to be
shorter [24] are more likely to undergo coarticulation
[8] and to be deleted [18].
The lexical category of a word affects its degree of
reduction too. Function words have a wider range of
realisations [21, 23], are more frequent and
predictable [3] and therefore can be more reduced
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Pronoun and auxiliary combinations such as I’m,
she’s, you’d, we’ll, they’ve exhibit a wide range of
phonetic realisations. Pronouns and auxiliaries are
function words, belong to a small paradigmatic
system, occur frequently and can occur in unstressed
positions. The contracted form of auxiliaries are
clitics – grammatical elements that are not
independent but need to be attached to another
element [19]. According to Kaisse [19], the “host”
and the clitic are realised as a phonological unit. They
can also undergo grammaticalisation – a process
whereby words that are frequently used in
combinations become a “storage and processing
units” [6]. According to Heine [15], grammaticalised
combinations of words undergo “erosion (or
‘phonetic reduction’), that is, loss in phonetic
substance” [15]. For these reasons sequences of
pronoun and auxiliary are the ideal candidate for an
investigation on how contrast is maintained in
reduced speech.

2. METHODOLOGY

2.1.1. Speakers and procedures

2.1. Data collection

The data collection was carefully designed. Although
it is known that spontaneous speech exhibits higher
degrees of reduction than read speech, for the
purposes of this study, read speech recorded in a
laboratory setting was collected. There are several
reasons behind this choice. First, all the English
pronoun and auxiliary paradigms (henceforth pr+aux)
had to be collected for the phonological analysis of
the pr+aux system. Second, for the acoustic analysis
and comparison of the reduced forms of pr+aux, all
the paradigms had to occur in the same phonological
context and prosodic structure. It was important to
control for the rhythm and stress pattern of each
utterance and for the neighbouring sounds. Third, the
aim was to trigger high degrees reduction, so it was
crucial to place the pr+aux paradigms in a weak
position. The position chosen was that of anacrusis –
any unstressed syllables before the first stressed
syllable in an intonation group [10].
A list of declarative sentences was constructed.
Each sentence contained a pr+aux paradigm in
sentence-initial unstressed position, followed by the
appropriate form of the verb to burn. The verb to burn
was chosen because it has a bilabial consonant in
onset and a mid-central vowel in the nucleus. The
bilabial stop and the mid-central vowel allow the
tongue to be in a neutral position restricting in this
way the coarticulatory features due to the tongue
position and movements. The main verb was then
followed by an article and a noun, except when the
verb form -ing was used; in this case, only a noun
followed. To limit the influence of neighbouring
sounds on the pr+aux, the sentences were preceded by
silence and the main verb was followed by a restricted
set of monosyllabic words. Sounds with long-domain
resonances (e.g. syllable-coda /l/ [14]) were excluded
from the sentences. All sentences had the same
rhythmic structure of alternating weak and strong
syllables: W-S-W-S. The phrasal stress was placed on
the last syllable of the sentence.
Repetition is also known to trigger reduction [1].
For this reason, each paradigm was repeated five
times in a row in the same sentence. The only
difference between the five sentences was the last
word which was different in each sentence so that
being ‘new’ information, it would trigger the phrasal
stress, while the rest of the sentence was ‘given’
information and would thus be reduced. Example of
a sequence of sentences:
You’ve burnt the cake. You’ve burnt the fish. You’ve
burnt the chips. You’ve burnt the pie. You’ve burnt
the steak.
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A Power Point presentation with a sentence on each
slide was created. Speakers saw one sentence at a
time and read it aloud. The PPT presentation was
timed to control for speech rate. On the slides, the last
word of each sentence was in bold and highlighted in
bright colours, so that the participants would focus on
it and place the phrasal stress on it. Eleven female
speakers of Standard Southern British English in their
20s were recorded in a quiet Recording Studio. At the
beginning of the task, informants were instructed to
speak as naturally as possible and to place the stress
on the last word of the utterance. The stress pattern
they were encouraged to use was played to them
before they started the task. Every 40 sentences, the
participants had a break of a few minutes in which the
rhythmic pattern was played again as a reminder. The
stress pattern was recorded by a male speaker using
the sounds ta-ta-ta-ta.
2.1.2. Segmentation and measurements
Due to the nature of the material all instances of
pr+aux sequences were manually segmented. Instead
of delimiting segments, the onset and offset of
phonetic events, such as ‘friction’, ‘periodicity’,
‘silence’, were delimited. The acoustic measurements
were carried out using scripts in Praat [4].
The acoustic parameters measured were: duration,
amplitude and formant dynamics of all sounds. In
addition, the first four spectral moments (centre of
gravity, standard deviation, skewness and kurtosis) of
aperiodic sounds were also measured. For the formant
dynamics, the first three formants were measured at 9
equidistant points in time from the first full cycle of
periodicity to the last full cycle. The mean amplitude
and spectral moments were measured in a temporal
window of half the duration of the sound centred at
mid-point (from ¼ to ¾ of the duration).
3. RESULTS
This paper reports the analysis of only a few
paradigms focussing on the acoustic differences
between them. The paradigms compared here are:
we’d vs we’ll, and you’d vs he’d.
3.1. We’d and we’ll

In their phonological form, the paradigms we’d and
we’ll differ in the consonant in coda position.
However, in the dataset analysed, both paradigms are
realised as a short vocoid – in we’d the plosion is lost,
while in we’ll the laterality is lost. In most instances
of we’d, the plosive is either not articulated or

unreleased. If the gesture for the alveolar closure of
the stop is in place, only the hold phase is articulated,
as the release is masked by the lip closure for the
bilabial stop that follows. This is not a feature of
reduction, but a known connected speech process: in
English, when there are two plosives in a row, the first
one is unreleased [9] (all pr+aux are followed by /b/).
In we’ll, the lateral approximant is in most cases
vocalised – the tip of the tongue does not make
contact with the alveolar ridge. However, the
secondary articulation – the movement of the tongue
dorsum towards the velum typical of /l/ in coda
position in English – is articulated even when the
primary articulation is not. This results in the lateral
approximant being realised as a back vowel. This
process, called L-vocalisation, is known to occur in
Southern varieties of English and is not a feature of
reduction [17].
Figure 1 shows an instance of we’d (left) and one
of we’ll (right) produced by the same speaker. In both,
the pr+aux sequence is realised as a monophthongal
vocoid. Only in the voiceless portion at the beginning
of we’d there is a small F2 movement. The spike in
the hold phase of we’d burn is the closure of the lips
for the bilabial plosive in burn.

The mean duration of the hold phase in we’d is
significantly longer than the mean duration of the
hold phase in we’ll (χ2(1)=74.93, p<2.2e-16). This is
due to the instances of we’d in which /d/ is articulated
but not released – the hold phases of /d/ and /b/ merge
in a single long hold phase. Also the mean duration of
the whole pr+aux we’d is significantly longer than the
mean duration of the pr+aux we’ll (χ2(1)=39.74,
p=2.901e-10), while the mean duration of the vocoid
alone is not (χ2(1)=0.77, p=0.3803).
The mean formant dynamics of a subset of
instances of we’ll (N=27, 53%) and we’d (N=25,
49%) are shown in Figure 3. The subset includes all
instances in which the duration of the vocoid was
shorter than the mean duration of the vocoid
calculated across speakers and repetitions for each
paradigm.
Figure 3: Time-normalised formant dynamics of
the vocoids in we’ll (red) and we’d (purple).

Figure 1: reduced instances of we’d (left) and we’ll
(right) produced by the same speaker.

These two paradigms differ on two main
parameters: duration and formant dynamics. Figure 2
shows the mean duration across speakers and
repetitions (N=110) of the vocoid and hold phase in
we’d and we’ll.
Figure 2: Mean duration of the vocoid (dark) and
hold phase (light) of we’d and we’ll in ms.

The main difference is in F2. A low F2 is typical
of dark-l and back vowels – both of which are
articulated with the tongue dorsum further back (or
raised) in the oral cavity. A high F2 suggests a front
vowel or clear resonance – both of which are
articulated with the front of the tongue in a more
advanced position in the oral cavity. Therefore, the
formant dynamics of we’ll and we’d indicate that
we’ll is characterised by a dark quality or position of
the tongue further back than we’d, which is
characterised by a clear quality or position of the
tongue in a more advanced position. Note that the
frequencies of all three formants in we’ll and we’d
differ from the start of the vocoids, indicating that the
whole pr+aux is affected by the consonant in coda
position.
3.2. He’d and you’d

In several instances of you, the articulation starts
before the vibration of the vocal folds starts. This
feature can produce a portion of voiceless friction
before voicing begins. Although in some cases the
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friction is too weak or short to be audible, it occurs in
70% (N=144/206) of instances of you. When it is
audible, it has a palatal quality. This feature raises the
question of whether the contrast with he is
maintained, as the glottal friction in onset of he has a
similar close front quality. Figure 4 shows an example
of he’d (left) and you’d (right) produced by the same
speaker.
Figure 4: instance of he’d (left) and you’d (right)
produced by the same speaker.

Surprisingly, the mean formant dynamics
(calculated across speakers and repetitions) of the
vocoid in you’d and he’d are rather similar (Figure 5).
Figure 5: Time-normalised formant dynamics of
the vocoid in he’d (purple) and you’d (red).

The most noticeable difference between the
formant dynamics in Figure 5 is the lower F3 in
you’d, which might indicate that there is a residue of
lip-rounding in the production of you. However, the
main difference between the two paradigms is in the
spectral qualities of the initial friction. The centre of
gravity (Figure 6) of the friction in you’d is
significantly lower than that in he’d (χ2(1)=13.07,
p=0.0003).
Figure 6: Centre of gravity of the voiceless friction
at the beginning of he’d and you’d.

The standard deviation and skewness are
significantly different too, but kurtosis is not
(Standard Deviation: χ2(1)=3.9, p=0.048; skewness:
χ2(1)=6.48, p=0.011). This suggests that, despite the
initial portion of friction possibly creating confusion
between you and he, its spectral properties actually
help maintain the contrast. When there is no friction
at the beginning of you, the contrast is maintained by
the presence of glottal friction in onset of he. The next
step of this research is a perception experiment to test
the perceptual roles of these spectral cues in
maintaining the contrast between the two paradigms.
4. CONCLUSION
The analysis and comparisons reported in this paper
suggest that even when minimal pairs of pr+aux are
highly reduced the contrasting features between them
are still present in the acoustic signal. In the case of
the paradigms we’d and we’ll the consonants in coda
position are apparently missing. However, their
acoustic correlates spread on the remaining sound
material and are still available in the signal. As for the
lateral, its primary articulation is lost (the apical
gesture), but its secondary articulation (velarisation)
affects the entire paradigm even when we’ll is
reduced to a very short vocoid. This contrasts with the
‘clear’ resonance in we’d. In the case of you’d, the
temporal delay between articulation and vibration of
the vocal folds that creates friction at the beginning of
the pr+aux does not neutralise the contrast with he’d.
This is because the spectral properties of the friction
in you differ from those of the glottal friction in he.
However, we do not know yet if these acoustic cues
are available to perception. The next step of this
research is a perception experiment to determine the
role of the remaining acoustic features of reduced
sounds in the correct interpretation of reduced speech.
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ABSTRACT
2. PROJECT GOALS
Relatively little work exists regarding the impact of
long-term language contact on intonation. In this
paper we give an overview of the project ‘Intonation
and diachrony: a phonetic investigation of the effects
of language contact on intonational patterns’. In this
project we are investigating the intonational tunes of
regional varieties of Greek whose speakers have a
history of cohabitation with speakers of Venetian
Italian (Cretan and Corfiot Greek) or Turkish (Asia
Minor and Cypriot Greek). We compare the shape of
the f0 contours of the contact dialects to the
corresponding tunes in both Standard (Athenian)
Greek and their respective donor languages. Standard
Autosegmental–Metrical analysis is combined with
statistical modelling of f0 curves using Functional
Data Analysis. The robustness of contact effects over
time is traceable through comparisons of speech
corpora spanning a century.
Keywords: language contact, Modern Greek dialects,
intonation, historical development
1. INTRODUCTION
In multi-ethnic communities bi- or multilingualism
leads to the emergence of contact varieties [19]. The
impacts of contact on lexicon and grammar are welldocumented [20, 11, 18], but there is little research
into its effects on regional variation or diachronic
change that may arise out of contact situations. In a
large-scale
project
(ESRC
grant
number
ES/R006148/1) we investigate how contact between
Modern Greek and other languages shaped the
intonation of regional varieties of Greek, using
archival recordings. We use a novel methodology,
based on mathematical modelling of intonation
curves in speech recordings from the recent and more
distant past. In contrast to most intonational work,
typically carried out on controlled data sets recorded
in the laboratory, this method allows an investigation
of large corpora with multiple speaking styles.
Besides comparisons of contemporary data, it is
applicable to modelling intonation change over time.
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The project addresses the question of how contact
between different languages influences the intonation
of regional varieties. The project has two aspects: (1)
a synchronic comparison of the contact dialects with
their contextual languages and Standard Athenian
Greek (henceforth Athenian) (2) a longitudinal
analysis of the effects of contact on several varieties.
For (1) we follow the following steps: first, we
determine how the dialectal melodies differ from
Athenian. Second, we analyse the realisation of the
melodies in Turkish and Venetian Italian. Third, we
measure the similarity between the corresponding
melodies in each Greek variety and the donor
language. The overarching goal of this aspect is to
examine whether all Greek dialects vary along the
same intonational dimensions, such as the f0 of the
tones that compose the melodies, the time alignment
of tones with the segmental material. The longitudinal
aspect of the research seeks to discover the retention
or loss of contact effects on varieties. We shall
investigate whether influences of the donor language
weaken with time after the contact has ceased. To
address this question, we will compare the intonation
patterns in archival recordings dating back to the
1920s with more recent ones for each of the dialects
under investigation.
3. THE CORPORA AND MELODIES
3.1 The corpora

In view of its historical character and wide
geographical spread, the project makes use of existing
digital audio recordings of Greek dialects collected
over the past 100 years. We have compiled a
comprehensive repository of Greek regional speech,
including several dialects that have been affected by
contact with Turkish (Asia Minor Greek) and
Venetian Italian (Cretan and Corfiot); we shall also
augment the collection with Cypriot data (contact
with Turkish). To carry out cross-linguistic
comparisons we have assembled corpora of Athenian
and the contextual languages: Turkish and speech
from the Veneto region.

The bulk of our data comes from institutional
archives and online platforms [1, 7, 8, 10, 12, 13, 21,
23] as well as from linguistsi, who have shared their
field recordings made in recent decades. We have
secured agreements with the data owners to be
permitted to use them in research and to publish
selected examples. A small portion of the material
comes from freely available on-line resources, such
as language courses, film, radio, TV excerpts and
YouTube videos.
The corpora (c. 400 hours) include reading
passages, lists, dialogues, map tasks and
sociolinguistic interviews with single or multiple
informants. The speakers vary in age (20-94 years
old) and speaking style; the recordings vary in length
from a few minutes to an hour. Despite the expected
pattern variability for each melody (Zipf's law, [9]),
the size of our collection is large enough to allow the
most common patterns to be revealed. The use of
natural speech corpora has the advantage of being
more representative of the population in its variability
due to the large number of tokens.
All the original sources were acquired as digital
data, but they came in a wide variety of audio file
formats (mp3, mp4 and PCM wav; two channel or
mono), bit rates or sampling rates (44.1 kHz, as for
CDs, 22.05 kHz, or 16 kHz). A portion of the data
was not immediately suitable for research as some
recordings had been made from ¼ inch tape played at
different speeds, which required speeding up or
slowing down, or in some cases to be reversed in time
to be restored. For the purposes of our analyses we
converted all the material to 16 kHz, monophonic,
uncompressed PCM .wav audio files.
3.2 The target melodies

We focus on the effects of Venetian Italian and
Turkish on the development of intonation patterns
(target melodies) in four regional varieties of Greek:
Cretan, Corfiot, Asia Minor and Cypriot, chosen
because their speakers historically interacted with
speakers of the Veneto dialect (Corfiot) or Turkish
(Asia Minor, Cypriot). Cretan has been in the domain
of both Venetian and Ottoman influences in different
periods. The target melodies of those varieties are
compared to Athenian and to their respective
contextual languages. Our goal is to analyse three
melodies for the contact varieties: (a) declarative
utterances ending in low pitch, indicating finality, (b)
continuation tunes ending in high pitch, indicating
non-finality and (c) polar questions.
Within the Autosegmental-Metrical model (AM)
[16, 14], the alignment of a pitch landmark, like a
peak (H) or a trough (L), with a particular stressed
syllable (pitch accent) or a phrase edge (phrase
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accent for small clauses and boundary tone for the
whole utterance boundary) has been found to be
crucial to the meaning of utterances. The melody of
an utterance can be analysed to a large extent as the
combination of its pitch accents and boundary tones.
The description and classification of these landmarks
and their contribution to meaning forms a key part of
current models of intonation.
We use phonological landmarks of the standard
AM model as a basis for mathematical modelling of
the shape of the f0 curve from the region of interest.
The choice of the region of interest is guided by an
exploratory impressionistic analysis of the shape
differences between the varieties under investigation.
It is based on phonological criteria, typically from the
annotated start of the pre-nuclear or nuclear vowel
(the latter defined as the last stressed syllable of the
word in focus) to the utterance boundary. The f0 was
measured every 10ms using ESPS get_f0 and the
intonational contours in this region are modelled
fitting a 4th order (Legendre) polynomials, for details
of the procedure see [6]. A significant advantage of
this approach is that it augments the abstract AM
analysis with quantitative, empirically testable
models of tunes, allowing comparisons of entire pitch
curves of utterances rather than merely its precategorised components (i.e. pitch accents and edge
tones).
4. SYNCHRONIC ASPECTS: TURKISH AND
VENETIAN INFLUENCES ON REGIONAL
ACCENTS OF GREEK
4.1 Turkish

Our work on Turkish-Greek contact has so far
focused on the realisation of continuation tunes in
Asia Minor Greek. A more detailed account is
presented in [6]. We shall extend our research on
Turkish-Greek contact to Cypriot Greek and Cretan.
Examples of typical f0 shapes of continuation tunes
are shown in Fig. 2. Here, the Asia Minor Greek
contour is a rise-fall-rise, closely resembling the
Turkish sample, as opposed to the Athenian Greek, a
low level followed by a rise.

Figure 1: Continuation rises in Asia Minor Greek
(magenta) vs. Turkish (red) and Athenian (blue). The
curves are based on single tokens from female speakers.
The continuous lines show measured f0, the dashed
lines modelled f0. The data are time-normalised.

from Venetian, p=.451), for detailed analysis of shape
of the declaratives in those three varieties see [5].
Given the long-term past contact between Cretan and
Venetian, the result is in line with our hypothesis.
Figure 2: Illustrations of declaratives in Athenian (top),
Cretan (middle) and Venetian Italian (bottom); P = prenuclear vowel; V = nuclear vowel.

4.2 Venetian Italian

We compare the declarative tune in Cretan Greek to
its equivalents in Athenian and Venetian Italian. We
hypothesise that the Cretan intonation will show
similarities to Venetian rather than Athenian speech,
given the five centuries of Venetian occupation of
Crete (1204-1699) and resultant contact between the
varieties. We examine the Cretan intonation of
declaratives [17], example utterances are shown in
Fig. 2.
While declarative tunes in all the three varieties
end in a fall, there are important differences in the
timing, scaling of the fall, as well its alignment with
the nuclear vowel. In Athenian both the beginning
and end of the fall H*L align with the beginning and
end of the nuclear syllable [di] respectively, followed
by low boundary tone (L-L%). Within that region, the
f0 falling contour is steep, in contrast to Venetian and
Cretan. In contrast to Athenian in both Cretan and
Venetian the fall (HL*) starts in the pre-tonic syllable
([ʃe] in Cretan, [si] in Venetian) and ends typically
around the middle of the nuclear vowel ([ʒo] in
Cretan, [ni] in Venetian) and it is followed by a more
gradual low plateau from the middle of the stressed
vowel to the end of the utterance. This impressionistic
description, exemplified by the tokens presented in
Fig. 1 was confirmed by the statistical analysis of the
modelled curves. The slope of the Athenian fall
reflected by the larger negative coefficient of the
linear term of the polynomial (μ: -5.7; σ: 13.4), is
significantly steeper than the slope in Venetian (μ: .29; σ: 13.4; p < .01), while the slope of the Cretan
fall (μ: -3.7; σ: 29.2) is not significantly different
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5. DIACHRONIC ASPECT OF THE CORPORA
The corpora we have collected together were
recorded over the course of the 20th and early 21st
century. For diachronic comparisons, the most
comprehensive corpus is the Asia Minor Greek
material, which spans five generations of speakers. In
total, we have 85 hours of audio recordings of 188
speakers of the varieties of Greek spoken in various
locations in the Anatolian Peninsula (Cappadocia,
Pontus, Istanbul and Smyrna). The oldest material
consists of recordings of prisoners of war from the
First World War made in 1917, with the informants’
birthdates going back to 1894. These recordings form
part of the Wilhelm Doegen collection and were
obtained from [7]. The audio recordings of the
youngest informants, born in the 1990s, come from
[13]. They are heritage speakers of Asia Minor Greek,
recorded in 2007 in five localities in mainland Greece
(Kato Apostoloi, Ksiroxori, Mandra, Neo Agioneri,
Plagia), where they were resident at the time. The
bulk of Asia Minor Greek data comes from speakers
born between the 1920s and 1940s. A histogram of
the speaker birthdates is shown in Fig. 3

Figure 3: Asia Minor Greek speakers in our corpus by
birth decade.

An early example of Asia Minor Greek comes from a
1927 recording available from [8]. The 23-year old
male is a speaker of Cappadocian, a variety of Greek
historically spoken in central region of the Anatolian
Peninsula (present-day Turkey) which had been in
contact with Turkish for almost nine hundred years
[22]. Misti, the village he originates from, ceased to
exist in 1924 when its ethnically Greek inhabitants
were forcefully expelled from their homeland
following the Lausanne Treaty on population
exchanges between Greece and Turkey. The speaker
is recorded in a conversation with his uncle,
discussing family matters. The waveform of the
utterance with pitch track is shown in Fig. 4.The
recording is 2 minutes 46 seconds long and it contains
6 tokens, which display Turkish traits.
Figure 4: An acoustic waveform of a polar
question, uttered by a male speaker of the Misti
dialect. Time is shown on the horizontal axis. The
panels below show segmental transcription, Greek
orthography and English translation. Source:
https://gallica.bnf.fr/ark:/12148/bpt6k129226q/f1.
media.

analysed as L* LH- L% [4, 5, 6]. The nuclear syllable
is aligned with a trough. In contrast, in Turkish polar
questions, the nuclear word is closely aligned with a
high peak [15]. The token is also closer to Turkish
than Athenian in its morphological composition by its
use of the question particle /mI/, which closely
follows the nucleus. Athenian does not use any such
morpheme to indicate polar questions. Athenian
speech typically shows a downward slope from the
nuclear syllable and a concave upwards rise from an
L* near the utterance end. Here, the token displays a
tune characteristic of Turkish, i.e. an upward slope
from the nucleus followed by a final rise-fall.
Regarding the alignment, the pattern displayed
here is closer to Turkish (close nucleus-peak
alignment) while in Athenian the peak comes up to
two syllables after the nucleus. All four other polar
question tokens from the same conversation display
the Turkish alignment pattern.
In the next phase of our project we shall carry out
a series of diachronic comparisons of the Asia Minor
Greek material. We shall compare the speech of
speakers who acquired their dialect in contact
circumstances to that of subsequent generations, who
are no longer in daily contact with Turkish. To
discover the retention or loss of contact effects on this
variety we will be looking for evidence of continuity
or disjunction of the intonational shapes at different
points in time to their Athenian equivalents. Our goal
is to develop a model of a diachronic change of
intonation.
Our methodology, which integrates acoustic
phonetics, intonational phonology, mathematical
modelling and speech processing, is an approach not
hitherto applied to historical linguistics. We also
envision that it will be useful both to the linguistics
and speech processing communities regardless of the
language under investigation. In addition to the time
dimension, which will be a series of comparisons of
intonation curves from recordings gathered at
different points in time, our experimental design
makes it possible to compare dialects which had been
in contact with the same language, though the
circumstances of the contact differ. Here Asia Minor
Greek, whose contact with Turkish had ceased
several generations ago, can be compared to Cypriot,
where the contact is ongoing.
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ABSTRACT

pause and/or to prosodic phrase break. However, we
define silence not necessarily as the entire pause but
as a phase within a perceived pause, more concretely
a phase that does not contain any phonetic particles
or events, such as breathing, clicking, etc. To avoid
confusion, we use the term pause in this study as
the acoustic correlate of a perceived pause (cf. [12])
within a stretch of speech. Such a pause can contain
silent phases and other, unspecified phonetic particles within stretches of speech.

This study explores the phonetic activity in speech
pauses. The often used term ‘silent pause’ (as opposed to ‘filled pause’) implies that these pauses are
exclusively made up of silence. However, there is
evidence that most pauses contain phonetic particles
such as breath noises or tongue clicks. The investigated samples of two speaking styles (radio news
vs. spontaneous dialogues) demonstrate that only
a minority of speech pauses are completely silent.
In addition, the clear distinction between silent and
non-silent pause phases allows for a better analysis
and understanding of phonetic particles correlated to
respiratory, articulatory or physiological activity. In
this vein, we give a detailed description of the annotation of phonetic particles and their challenges,
followed by an exemplary analysis of the most frequent pause pattern.

pau
sil

Keywords: silent pauses; filled pauses; non-verbal
vocalisations; breath noises

73.33

74.13
Time (s)

1. INTRODUCTION

Figure 1: Example of a completely silent pause
(400 ms), taken from speaker K in the investigated
GECO corpus [15].

This paper aims at a critical consideration of the
technical term ‘silent pause’ by exploring phonetic
corpora. The notion of ‘silent pause’ (or ‘unfilled
pause’) is frequently used in contrast to so-called
‘filled pauses’ [11, 6, 2]. The latter term is often
used to describe fillers such as [@] or [@m]. In contrast, “silent pauses” would be defined as pauses not
containing any filler particles. However, it remains
unclear whether a ‘silent pause’ is completely silent
in a phonetic sense – which is implied by the term
– or whether it can contain subtle phonetic particles
such as breathing noises, tongue clicks or other unspecified articulatory activity.
Silence in a narrow acoustic sense is probably seldom observable in data used in phonetics and linguistics. From a phonetic point of view, silence can
be investigated in different ways. Acoustically, it
equals the absence of any correlates of vocalisation.
Perceptually, the listener interprets the acoustic signal as silent although it might exhibit subtle events.
In addition, silence is often used as a synonym to

If a pause consists entirely of silence, it would be
a completely silent pause (see Figure 1). If a pause
contains phonetic particles, it would not be termed
as silent pause (though it can contain silent phases,
see Figure 2).
To find silent phases and phonetic particles in perceived pauses, they should always be determined
with the help of the acoustic signal. Thus, we
exclude perceived pauses purely based on cues at
edges of prosodic phrases such as final lengthening,
final lowering or initial strengthening.
The aims of this paper are threefold. First, we
would like to demonstrate that ‘silent pauses’ are often not silent in a phonetic sense, as described above.
Second, we explore the types of phonetic particles
included in perceived pauses as well as their relative frequencies. We use two samples of opposed
speaking styles, namely radio news speech produced
by professional speakers and spontaneous dialogues
between students. Third, we describe the annotation
procedure and challenges of marking phonetic parti-
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Schmidt [14], we consider hm as a neutral consonant with a closed mouth and with only intonation
as the carrier of phonetic information. These items
are free of segmental-lexical and grammatical information. Often, feedback utterances with hm contain
a bisyllabic hm-hm. To the left of a speaking phase,
we annotate an antecedent phase (tag: ante), if there
is any activity different from silence. For practical
reasons, we delimitate this phase to a maximum of
500 ms. To the right of a speaking phase, we annotate a follow-up phase, respectively (tag: post). The
maximum follow-up phase we marked was 676 ms
long.
On the PAUSE tier, we mark perceived pauses that
occur within spk phases with the tag pau. We define pau as an audible interruption of the articulatory
flow of words within a speaking phase. We exclude
closure phases of stops (right after a pause a default
value of 50 ms was considered as closure phase of
the stop) as well as prolonged closure phases in slips
of the tongue from this definition. Additionally, we
annotate fillers on this tier. We define them as being
always a part of spk. In general, the annotation of
fillers is handled rather idiosyncratically, compare
[2, 6, 7], among many others. In fact, their highly
variable acoustic realization would require a precise
phonetic annotation, which goes beyond the purpose
of this study. Here, we will confine ourselves to
two categories, a vowel-only filler, e.g., äh (tag: f-v),
and a vowel-nasal filler, e.g., ähm (tag: f-vn). Both
filler categories can potentially be preceded by glottal stops. Other particles presumably functioning as
fillers, for example clusters of stops and fricatives
(pff ) or sequences of glottal stops [1], are marked
with f-o.
On the SILENCE tier, we mark those phases within
pau with sil which do not contain any other phonetic
particles.
On the RESP tier, we mark breathing activity
within ante, spk, and post phases with the tags ino, in-n, ex-o and ex-n for oral and nasal inhalation
and exhalation, respectively.
On the ARTIC tier, we mark every non-lexical articulatory event. Among them, clicks, either as singletons or as sequences, are typical examples (tag:
cl). Unclear but nevertheless clearly audible fragments are marked with an x.
Finally, we mark various phenomena such as
laughing and vegetative sounds such as coughing,
throat-clearing, and swallowing on a residual tier
called ELSE. Unclear cases can be marked with x
on every tier.
A special case is laughing, as it is not a part of
the articulatory flow as described for the speaking

pau
sil

sil
in-o

67.88

68.74
Time (s)

Figure 2: Example of a breath pause, taken from
speaker K in the investigated GECO corpus [15].
The oral inhalation phase (289 ms) is sandwiched
between short periods of silence (93 ms and 50 ms,
respectively).

cles in perceived pauses.
2. METHOD AND DATA
We use a sample of the GECO corpus version 1.1
[15] and the DIRNDL corpus [5]. Thus, we contrast
two very different registers, namely dialogic taskfree spontaneous speech versus monologic scripted
read speech in German.
We sampled the first three minutes of three dialogues (six German female speakers) of GECO as
well as six German radio news items of DIRNDL.
The actual articulation time of all speakers amounts
to about 9 minutes in dialogues and about 4 minutes
in radio news. The corpus is annotated in Praat [3]
and queried with emuR version 1.1.1 [20].
2.1. Annotation

We use intervals in Praat on six tiers:
• speaking phases (TURN)
• pauses (PAUSE)
• silent phases (SILENCE)
• respiratory activity (RESP)
• articulatory activity (ARTIC)
• residual phenomena (ELSE)
On the TURN tier, we mark sections of continued speech production (tag: spk) that consist of
more than mere backchanneling entities and which
are not interrupted by the interlocutor, except for
a short feedback utterance (tag: fb). We define
feedback utterances as short lexical or non-lexical
productions with potentially many functions, such
as backchanneling [9], agreements, rejections, or
comments. Typical examples for lexical feedback
utterances are ja okay, for non-lexical ones a sequence often transcribed as mhm or hm. In line with
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ways audible when a larger context (> 2 sec) is taken
into account. In the latter cases, they are not chosen
for annotation.
During the annotation, we noticed that there are
instances of presumably glottal activity before or
within inhalation. Where these instances were audible involving the larger context, they are annotated
with g. Other unknown sounds occured on the AR TIC tier, where the acoustic signal did not suffice to
determine a clear phonetic category.

phase. It can have some marks on the respirational
tier occurring synchronously with speaking. Laughter can potentially occur both within and between
tages on the TURN tier. Laughter is included in pau,
as there is not much articulatory activity involved.
2.2. Annotation challenges

On the TURN level, we face the problem to concretely determine and separate speaking phases and
feedback utterances. There is no standard definition
of feedback utterance, which can lead to problems as
exemplified by the following three observations. A
confirmation request consisting of a repeated word
with a rising intonation could be counted both as a
speaking phase or a feedback utterance. There is
a possibility but not a need to consider an isolated
laugh as a feedback utterance. Third, some feedback
utterances serve both the function of giving feedback
and beginning a turn [4].
We decided to set the maximum extension of the
antecedent phase to the arbitrary value of 500 ms.
However, there are examples where the antecedent
clearly exceeds this threshold.
On the PAUSE level, we often see intervals between a feedback utterance and a speaking phase
that extend to several seconds, but there are also intervals shorter than a second. These intervals are not
regarded as pauses here but could, in theory, also
be considered as pauses between stretches of speech
production. In this paper, we focus on intra-turn
pauses, as extra-turn pauses could be seen as a different phenomenon.
On the SILENCE level, the term silence is problematic, too. A silent phase, as defined here, can
contain some noises visible in the signal and often
(but not always) audible. This can be due to extraneous non-vocal noises (e.g., door slamming) but also
due to unspecified noise production presumably produced by the speaker (e.g., head scratching) but also
due to unknown origin. Superficially, such a picture
contradicts the idea of silence.
As to the RESP level, most cases of breath noises
can be audibly determined (with oral inhalation as a
frequent and also the most salient sub-type). However, the clarity of categorization is not possible for
all sub-types of respiration, as to our experience with
the data at hand.
Clicks show a great range of variability [18].
They can occur as one or as a series of multiple
pulses, which makes the distinction between one or
several events hard to determine. Often, their intensity is rather low, which makes it difficult to decide
whether they should be annotated or not. They are
often clearly visible in the spectrogram, but not al-

3. RESULTS
3.1. Completely silent vs. partially silent pauses

Referring to the question we ask in the title, Figure 3 shows that in the news samples only 16 % of
all pauses are completely silent. In the dialogues, the
relative number of completely silent pauses is only
about a third (34 %). Thus, phases that have been
referred to as silent pauses are in many cases phonetically not silent.
Pause

Duration in msec

1500

(a) complete silence

n=
n=
16 % 80 %

n=
4%

(b) contains respiration

(c) rest

n=
n=
n=
34 % 51 % 15 %

1000

500

0
news

dialogue

Figure 3: Durations of pauses which (a) are completely silent, (b) contain respiratory noises, and
(c) the rest (i.e. pauses which are neither (a)
nor (b)). The relative number of pause types per
speech style is given in percent above each box.

Confirming other studies [8, 17], completely
silent pauses are shorter than partially silent pauses,
as can be seen for both styles in Figure 3. News
show shorter pause duration means than dialogues
for complete silences (134 ms vs. 241 ms), as well
as for partially pauses that are not completely silent
(523 ms vs. 602 ms, respectively).
When analysing the total duration of all pauses
and silent phases, we see that in the dialogues 50%
of the total pause duration (65.067 s) consists of
silent phases (34.567 s). In the news, the proportion of silent phases is only 35% (11.686 sec out of
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29.356 s total pause duration). A major part of pause
duration is used for the production of non-silent phonetic activity.

3.3. Preparation in pauses and in antecedent phases

Roughly half of all speaking phases show an antecedent phase, nearly all of which are characterised
by a respiratory noise, which is regularly an oral inhalation.
The most frequent pause pattern that consists of
more than two entities adjacent to each other is the
sequence of silence plus oral inhalation plus silence.
An example is depicted in Figure 2, and the general
pattern is quantified in Figure 4. There, we clearly
see that the breath duration is by far longer than the
two silent phases, which is in line with the results
given above.

3.2. Types of particles

Table 1 shows that many particle types do not exist
in the news style, for example feedback utterance,
fillers or laughs. Although this is not a surprising
result, it confirms the expectations to both investigated styles. It can be seen as a qualification of the
dichotomies of dialogic spontaneous vs. monologic
read speech. On the ELSE level, we found no affective sounds and only few vegetative sounds, such as
swallowing or throat clearing. In contrast, laughter
occurred several times, which confirms former analyses of conversational corpora [19].

4. DISCUSSION AND CONCLUSION
A clear shortcoming of this study is the small sample
analysed, which does not allow for any generalization. However, the challenges of categorizing and
annotating a continuous and highly subjective phenomenon remain the same. The aim of this paper
was, therefore, to show the need for a thoroughly
discussed annotation scheme for phonetic particles
before attending to studies of a larger scale.
As has been shown in detail, most pauses do not
contain nothing (though a subpart are phonetically
really silent pauses), but contain various phonetic
particles. The most frequent items are breath noises,
especially oral inhalation. There is also a considerable amount of tongue clicks and laughs, but also
events due to presumably glottal activity.
It seems that systematic patterns are not only
produced using combinations of fillers and pauses
[10], but also within this domain of subtle phonetic
particles. Whether these patterns turn out to be
context-dependent or idiosyncratic is open to further
research considering also a combination of acoustic, respiratory and articulatory evaluation [13, 16].
Likewise, such physiological measurements in combination with acoustic recordings would be needed
in order to find out more about the phonetic processes of articulatory preparation and their acoustic
correlates in speech.
Annotation of non-vocal verbalisations seems to
be a rather straightforward task for professional read
speech, whereas the annotation reveals difficulties
at various levels for spontaneous speech. A concrete determination of speaking phases (or turns)
and feedback utterances requires a conceptually coherent and theoretically solid concept to be applied
to the acoustic signal, which is often not the case.
Additionally, there is a mismatch between the visual
inspection of these phonetic particles – which can be
quite subtle – and their auditory perception.

Table 1: Counts of annotation tags on the five
tiers for dialogues and radio news and normalized
counts per minute (cpm).
dialogue
N
cpm
TURN

fb
spk
ante
post
post/ante

PAU

N

news
cpm

total

96
81
58
23
5

10.67
9
6.44
2.56
0.56

0
6
1
0
0

0
1.5
0.25
0
0

96
87
59
23
5

pau
f(illers)

144
29

16
3.22

67
0

16.75
0

211
29

RESP

in
ex
unclear

133
27
3

14.78
3
0.34

56
0
0

14
0
0

189
27
3

ARTIC

cl
g(lottal)
else

32
16
13

3.56
1.78
3

16
0
0.34

4
0
16

48
16
4

ELSE

laugh
other

22
8

2.44
0.89

0
0

0
0

22
8

Position

left sil

resp in-o

right sil

Duration in msec

600

400

200

0
radio

dialogue

Figure 4: Durations of the pattern silence – oral
inhalation – silence (left sil – resp in-o – right sil)
in dialogues (n = 37) and news (n = 34).
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ABSTRACT
Studies on phonetic realization of phonological
structure have revealed that certain lexical properties
are reflected in fine details of speech production.
Examples are vowel space expansion for words with
dense neighbors, and VOT increase in voiceless stops
for words with voicing minimal pairs. These lexical
effects are primarily found in English, but there is
much to explore in phonemically and prosodically
different languages, such as Japanese. The present
study investigated the duration of intervals around the
burst of word initial velar stops in the Corpus of
Spontaneous Japanese which has about 200 speakers’
annotations given by trained phoneticians. Minimal
pair competitors and word familiarity data are drawn
from an 80,000-word database. Results show
significant effects of competitors on the duration of
the following vowel and word familiarity on the
closure duration, which suggest that lexical effects do
exist in Japanese, but in a radically different manner
from English.
Keywords: speech corpus, voicing contrast, lexical
competition, word familiarity, Japanese.
1. INTRODUCTION
Phonetic realization of phonological contrasts is
influenced by lexical effects, such as word
frequency/familiarity and neighborhood structure.
Neighborhood is approximately calculated by the
words that are in the range of one-phoneme difference
by addition, deletion or substitution [4], and the
number of words in a particular neighbourhood is
called neighborhood density. Lexical effects are well
attested in English, not only in perception studies, but
also in production studies. For example, vowel space
expansion is observed for words with a dense
neighborhood [8,9]. VOT enhancement is also
observed if a lexical competitor exists [3]. For
example, comparing cod-god vs. cop-*gop, [k] in cod
has longer VOT than [k] in cop because cod has a
minimal-pair competitor (god) while cop does not..
However, lexical effects in English apparently
occur in and around stressed syllables. Words that
have many neighbors tend to be high-frequency
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words, which are, by and large, monosyllabic and
thus stressed. Vowel space is directly affected by
stress, and VOT is strongly related to aspiration, both
of which are good indicators of stressed syllables.
A question that naturally arises is: what about the
lexical effects on phonetic realization in non-stress
languages? The phenomenon in question is far underinvestigated in such languages. Japanese, which is a
non-stress-accent language, has stops with a two-way
voicing contrast, voiced or voiceless. The contrast is
based on VOT, though without strong voiceless
aspiration in any position of the word. It would thus
be intriguing to compare lexical effects in VOT
between Japanese and English. Another, even more
interesting twist about the phonetic realization of
voicing contrast in Japanese is that, as was shown in
recent studies, VOT in Japanese has been undergoing
an ongoing change toward greater overlap between
/k/ and /g/, depending on age, region, and gender [10].
As a result, an authentic VOT contrast is being
blurred. Lexical effects in voicing contrasts may take
other forms than just VOT enhancement in Japanese.
The current study pursues the following three
research questions. Q1: Is the phonetic realization of
stops affected by lexical competition? That is, is
VOT enhanced if there is a minimal-pair competitor?
Q2: Do lexical properties other than lexical
competition, such as word familiarity, matter? Q3:
Given that the voicing contrast is undergoing change,
how do lexical effects surface in spoken Japanese? In
order to answer these questions, a Japanese speech
corpus study was conducted.
2. SPEECH CORPUS
The speech corpus used in this study was the Corpus
of Spontaneous Japanese (CSJ) [7]. Approximately
44 hours of speech collected from 201 speakers, along
with accompanying annotations, were used for the
analyses. In this study, word-initial velar stops were
investigated due to the fact that stops in other places
of articulation are somewhat irregular in Japanese.
Bilabial voiceless stops /p/ are mostly seen in
loanwords, mimetics and the coda position in SinoJapanese words, but not in Yamato words (the core
part of the lexicon) [6]. Coronal stops /t/ and /d/ only

appear before non-high vowels except for some
recent loanwords.
Sequences of word-initial “<cl>” tag (indicating
“closure”) followed by “k” were extracted from the
phoneme tier labels in the corpus. Merged segments,
such as “<cl>,k”, and segments with special tags,
such as fillers and mispronunciations, were excluded
from our analyses. Each [k]-initial token was
matched with entries in the Lexical Properties of
Japanese database [2] to obtain audio familiarity
ratings. On a scale from 1 (not familiar at all) to 7
(highly familiar), tokens with a rating of 5.8 (median
of this dataset) or lower were considered lowfamiliarity words, while tokens with a rating higher
than 5.8 were considered high-familiarity words.
Tokens that matched multiple homophonic entries in
the database were excluded from analysis. In addition,
for each /k/-initial word found, the same lexical
database was searched to see whether a corresponding
/g/-initial word existed as a real word or not. Words
that had a corresponding /g/-initial word in the
database were considered as having a lexical
competitor, while words that did not have a
corresponding /g/-initial word were considered as
having no competitor.
Table 1 summarizes the number of tokens that
were found in the corpus. The tokens were split into
four lexical conditions according to two variables:
familiarity (low vs. high) and competitor (without vs.
with competitor).

best-fitting model that still converged to a solution
was adopted. The resulting model included the
following random effects: by-speaker and by-word
random intercepts, and by-speaker random slopes for
familiarity and for competitor.
4. RESULTS
4.1. VOT

Figure 1 shows boxplots of the VOT values as a
function of the four conditions of the fixed effects.
The left half shows results for low-familiarity words,
and the right half shows those for high-familiarity
words. The white and grey boxes show results for
words without a competitor and words with a
competitor, respectively.
The analysis showed no significant effect of
familiarity, competitor, or their interaction.
Figure 1: Boxplots of the VOT values as a function
of the four conditions of the fixed effects.

Table 1: Number of tokens in each condition, and
sample words.
familiarity
(audio)
low (≤ 5.8)
high (>5.8)
total

competitor (/g/-initial
minimal pair)
without
with
3,561
230
e.g. /kurabe/
e.g. /keta/
2,917
399
e.g. /kore/
/kaisya/
6,478
629

total
3,791
3,316
7,107

4.2. Preceding closure duration

3. ANALYSES
Linear mixed effects models (R ver.3.4.0, lme4
package ver.1.1-18-1) were used for the analyses.
Fixed effects were familiarity (low, high) and
competitor (without, with). Dependent variables
included durations of the voiceless velar stop and
surrounding intervals, i.e. VOT, preceding closure
duration, and following vowel duration (for short
vowels only).
Various random effects involving speaker and
word were added step by step to the model, and
likelihood ratio tests were conducted in each step. A
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Figure 2 shows boxplots of the preceding closure
duration as a function of the four conditions of the
fixed effects. Again, the left half shows results for
low familiarity words, and the right half shows those
for high familiarity words. The white and grey boxes
show results for words without a competitor and
words with a competitor, respectively.
The mixed effects model analysis showed a
significant effect of familiarity (t = 2.24, p < .05).
Preceding closure duration was significantly shorter
for low-familiarity words, which had a mean of
0.049s, than for high-familiarity words, which had a
mean of 0.055s. The effect of competitor and the

interaction between familiarity and competitor were
not significant.
Figure 2: Boxplots of the preceding closure
duration values as a function of the four conditions
of the fixed effects.

competitor (grey boxes). The mixed effects model
showed a significant effect of competitor (t = 2.02, p
< .05). Specifically, vowel duration was significantly
longer when a word had a competitor, with a mean
duration of 0.069s, than when it did not have a
competitor, with a mean of 0.053s. The effect of
word familiarity was not significant, nor was the
interaction between familiarity and competitor.
5. DISCUSSION

4.3. Following vowel duration

Finally, Figure 3 shows the results for the duration of
the following vowel. The analysis here was the same
as in Figures 1 and 2. Only phonemically short
vowels were included in the analysis.
Figure 3: Boxplots of the following vowel duration
values as a function of the four conditions of the
fixed effects.

The figure shows a tendency for the following
vowel to be longer for words that had a minimal-pair

2751

In the present study, three research questions were
investigated. Q1 asked whether VOT is enhanced if
there is a minimal-pair competitor. The results
showed that the means were statistically not
significant across conditions, suggesting that the
lexical factors did not affect VOT. This was
inconsistent with the findings in English [3].
Q2 asked whether lexical properties other than
lexical competition, such as word familiarity, affect
phonetic output. The results showed a slight though
statistically significant effect of word familiarity on
the preceding closure duration, such that closure
duration was slightly shorter for low-familiarity
words than for high-familiarity words. However, the
presence of a lexical competitor had no effect on
closure duration.
Overall, these results diverge from those found for
English [3]; instead, the results are consistent with the
interpretation that phonetic consequences of lexical
competition may potentially be weaker in non-stressaccent languages, e.g. Japanese. This suggests the
importance of examining a wide array of languages in
linguistic research.
Q3 asked how lexical effects surface in spoken
Japanese, given that the voicing contrast is
undergoing change. The results showed that duration
of the following vowel was significantly longer when
a voicing competitor existed than when it did not.
This is a somewhat unexpected finding, but is
consistent with the possibility that lexical competition
led to a slower, more careful articulation. Also, this
finding is parallel to the recent trend in Japanese
where voicing contrast in VOT is blurred and
transferring to other phonetic dimensions, such as
pitch in the following vowel [10].
That the effect of competitor on voicing affected
the duration of the following vowel is a substantial
and robust effect of about 16 ms even across a huge
and uncontrolled dataset. An implication of this
finding is that lexical effects are under the influence
of moraic organization of syllable structure. That is,
a C-V coupling within a mora is tight and co-varying
even when the contrast is primarily targeted on the
consonant part. Meanwhile, a V-C interaction for

voicing contrast is clearly attested in English. When
the coda consonant is voiced, the preceding vowel is
about 50% longer than a vowel before a voiceless
consonant as in the minimal pair bit-bid [5] (also
known as pre-fortis clipping). Not surprisingly, this
effect is not stable in adults’ speech in Japanese even
though Japanese infants show the effect until the age
of five [1]. In other words, the V-C interaction across
a mora boundary observed in infancy is overridden by
the establishment of moraic organization in Japanese
prosody.
6. CONCLUSION
In the present research, the duration of intervals
around the burst of word initial velar stops in the
Corpus of Spontaneous Japanese was investigated to
see if lexical factors, such as competitors in a minimal
pair and word familiarity, affect the phonetic
realization of voicing contrast in Japanese. There was
no significant effect of such factors on VOT, a
supposedly primary cue of voicing, however.
Nevertheless, there were significant effects of
competitors on the duration of the following vowel
and word familiarity on the closure duration. This
suggests that lexical effects do exist in Japanese, but
in a radically different manner from English in which
the contrast enhancement effect was attested in VOT.
The lexical effect of voicing in the following
vowel found in the present study can be primarily
interpreted as a slower, more careful articulation in
the presence of a competitor to enhance the contrast.
However, language-particular prosodic structure may
restrict the realization of contrast enhancement in a
specific direction: i.e., a C-V coupling within a mora
may be tight to enforce the vowel prolongation even
when the enhancement is supposedly taking place on
the consonant part. Though this hypothesis needs a
more careful investigation in the future study, we can
draw a very general implication: Japanese, a language
that is phonemically, prosodically and typologically
different from English, is a useful test-bed for
analyzing cross-language generalizability of the
phonetic realization of phonological organization and
contrast.
There are several limitations to this study that
need to be addressed. One problem was that there
was a very large by-item variability in the VOT
values. This was shown by the fact that the effect of
competitor, which was significant in initial analyses,
was eliminated when the random effect of word was
included in the model. This is not surprising since
this was a corpus study, and as such, it was difficult
to control for covariates such as phonetic context,
within-utterance position, speaking rate, to name a
few. It can be pointed out that including everything in
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a statistical model is a possible solution. However,
there are not enough “with-competitor” tokens in the
corpus. Speaker variables, such as age, gender, and
region can also be included in our statistical analysis.
Log-transformation of the dependent variable is
another option to circumvent the problem of skewed
distribution. All these statistical techniques and
applications will be our next task.
Another problem was that words have many
neighbors, not just voicing competitors. The words
analyzed in the present study differ from other words
not only in the voicing of the initial consonant, but
also in place and manner, and also with respect to
other segments in the word. Competition with these
neighbors may also affect phonetic realization of
these words. Therefore, a well-controlled experiment
with a direct comparison of minimal pairs, such as
/kama/-/gama/, is needed.
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ABSTRACT
This study examines the extent to which amplitude
and F0 play secondary roles in perceptually cueing
the word-initial singleton/geminate consonant
contrast in Kelantan Malay (KM). Three voiceless
stop word-pairs produced in isolation, i.e. utteranceinitial position, were chosen for manipulation in
three perception experiments involving KM native
listeners. Results show that amplitude and F0 have
limited perceptual functions on their own, although
the combined values of the two parameters do have
some effect on the perception of the consonant
contrast. These results are expected for the
utterance-initial voiceless stop pairs given the
absence of closure duration information as a
perceptual cue in this context. The findings support
the view that the consonant length distinction in
word-initial position, particularly for voiceless stops,
can be potentially cued by a set of secondary
parameters, e.g. amplitude and F0, alongside the
primary acoustic parameter of closure duration.
Keywords: amplitude, F0, word-initial consonant
contrast, geminate perception, Kelantan Malay
1. INTRODUCTION
Closure duration has been established as a powerful
cue to consonant gemination across languages, e.g.
[11, 12]. However, many studies suggest that there
may be additional acoustic cues that influence the
perception of word-initial geminates, particularly in
the case of voiceless stop geminates produced in
utterance-initial position in which closure duration is
acoustically unavailable and, therefore, potentially
perceptually indiscernible. In this context, amplitude
and F0 have been shown to be potential perceptual
cues to the word-initial consonant contrast, such as
in Pattani Malay (henceforth PM), which is closely
related to KM (see also [9, 10]).
In a perception experiment in PM [2], amplitude
was manipulated involving a voiceless stop wordpair produced in isolation. The results show that the
amplitude modification of the first syllable of a word
beginning with a singleton or a geminate,
respectively, brings about different responses.
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Nevertheless, the response curves never cross the
perceptual boundaries at 50%, suggesting that, in
PM, amplitude variation alone is a weak cue to
consonant gemination. In a subsequent experiment
in PM [3], F0 values were modified in the first
syllable of a voiceless stop word-pair produced in
isolation. The results indicate that F0 shifts have
some perceptual effect on PM listeners. However,
like the previous experiment, the curves do not cross
over the 50% perceptual boundaries. In the final
perception experiment in PM [4], both amplitude
and F0 values were co-varied in the first and second
syllables of isolated tokens. The results reveal that
the amplitude/F0 variation is sufficient to cause
perceptual crossovers to the opposite categories.
In KM, the primary role of closure duration in the
production and perception of the word-initial
singleton/geminate contrast has been demonstrated
in earlier acoustic studies, e.g. [6, 7]. With regard to
amplitude and F0, their potential secondary
functions in characterising such a contrast have been
shown to be reliable in KM, as reported in [8]. The
current study aims to examine whether and how
controlled changes in amplitude and F0, both on
their own and in combination, may also serve as
perceptual cues to word-initial geminates among
KM native listeners, especially in utterance-initial
voiceless stops in which closure duration
information is not present. Findings will confirm the
relative saliency or otherwise of these nondurational acoustic cues that have also been
observed in PM.
2. METHOD
2.1. Materials

The voiceless stop word-pairs chosen for
manipulation in three perception experiments in this
study are displayed in Table 1. The word-pairs in all
experiments were produced in isolation, i.e.
utterance-initial position. Although different
minimal pairs were used for different experiments,
the acoustic findings reported in [8] confirm the
general patterns of potential acoustic properties of
consonant gemination associated with utteranceinitial voiceless stops.

Table 1: Sources of stimuli.
Experiment
1
(amplitude)
2
(F0)
3
(amplitude
& F0)

Singleton
Word
Gloss
/paɡɪ/

morning

/pɪtʊ/

door

/tɪdo/

sleep

2.3. Data analysis

Geminate
Word
Gloss
early
/ppaɡɪ/
morning
at the
/ppɪtʊ/
door
/ttɪdo/

sleep by
chance

The procedures for manipulation were achieved
by using the manipulation editor in Praat version
6.0.43 [5]. In Experiment 1, following the previous
work on PM [2], the amplitude at vowel onset was
either increased (after singletons) or decreased (after
geminates) in five 2-dB steps. In Experiment 2,
motivated by [3], the F0 at vowel onset was either
increased (after singletons) or decreased (after
geminates) in five half-semitone steps. In
Experiment 3, following [4], both amplitude and F0
values at vowel onset were either incremented (after
singletons) or decremented (after geminates) in three
2-dB steps and three half-semitone steps (see Table
4 in Section 3.3 for details). Twelve stimuli
including their original words were each created for
the word-pairs in Experiments 1 and 2, while 32
stimuli were created for the word-pair in Experiment
3. All stimuli were presented three times to the
listeners, creating a total of 168 manipulated trials
for all three experiments.
2.2. Listeners and data collection

The participants for all experiments were 30
undergraduate students (15 males, 15 females), all
native speakers of KM, at the Universiti Malaysia
Kelantan. Their ages ranged between 20 to 25 years
(mean age: 21.2). All of the listeners were born and
raised in Kelantan, Malaysia. The perception
experiments began with Experiment 1, followed by
Experiment 2 and then Experiment 3. The listeners
participated individually in each experiment in a
quiet room at the Universiti Malaysia Kelantan.
They were seated at a desk and were fitted with a
stereo headphone. All the stimuli were presented
through a computer using Praat’s Experiment
Multiple Forced Choice listening experiment
(version 6.0.43). The participants listened to a sound
and chose the word that most closely resembled to
what they listened. Since there is no written
counterpart of KM, all words were written in
Standard Malay. In each experiment, only one wordpair was tested at a time. All experiments lasted for
approximately 30 minutes for each participant. All
listeners were financially compensated for their
participation.
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The responses for each listener and each stimulus
were processed using Microsoft Excel (Office 365).
Since the stimuli were presented three times in each
experiment, the scores for the correct responses
ranged from 0 to 3. These scores represented the
correct responses for geminates. The total scores for
each stimulus were then converted into percentages
and plotted into response curves. Geminate
responses to each series of stimuli made from
original singletons or geminates were submitted to
one-way ANOVA tests using SPSS (version
25.0.0.0) to determine their significance levels.
Following [1], the differences observed between the
two series of stimuli in the 50% crossover points
were calculated and compared statistically using
ANOVA. Samples paired t-tests were also employed
to test the level of significance of geminate
responses between the two groups of stimuli at a
specific step on a duration continuum.
3. RESULTS
3.1. Experiment 1

The perception results of the word-pair /paɡɪ//ppaɡɪ/ in Experiment 1 are demonstrated in Figure
1, showing mean percentages of geminate responses
to the stimuli made from the original /p/ (blue line)
and the original /pp/ (red line). The horizontal line
shows the crossover zones at 50%, while the vertical
lines indicate the 50% crossover points between the
two series of stimuli. Detailed measurements are
provided in Table 2. It can be seen that increased
amplitude following the original /p/ leads to more
geminate responses, while decreased amplitude
following the original /pp/ generates fewer geminate
responses. Further, both response curves cross over
the category boundaries with a particularly more
rapid rise for the stimuli made from the original /p/.
The crossovers, however, are incomplete, i.e. the
mean percentages never reach 0% nor 100%.
ANOVA results reveal that the differences in
geminate responses across the stimuli are
statistically significant for the original /p/
(F(5,220.5)=15.01, p<.001) and also for the original
/pp/ (F(5,225.6)=9.618, p<.001), suggesting that
amplitude has a strong additional cue-value in
geminate perception in KM. There are also
ambiguous zones in the middle of the response
curves. ANOVA results indicate that the difference
between the two crossover points is significant
(F(1,536)=35.122, p<.001), suggesting that, when
amplitude is increased, listeners tend to perceive
geminates much faster in the stimuli made from the

original /p/ (i.e. a 2-dB increase) than those made
from the original /pp/ (i.e. a 6-dB increase).
Figure 1: Mean percentages of geminate responses
to the voiceless stop stimuli in Experiment 1
(original /p/=blue line; original /pp/=red line).

Table 2: Number of tokens and mean percentages
of geminate responses to the voiceless stop stimuli
in Experiment 1.
Amplitude
(dB)
0
2
4
6
8
10

Originally
/p/ (%)
26
49
63
76
80
83

n
90
90
90
90
90
90

Originally
/pp/ (%)
27
30
40
47
64
74

n
90
90
90
90
90
90

3.2. Experiment 2

The perception results of the word-pair /pɪtʊ/-/ppɪtʊ/
in Experiment 2 are illustrated in Figure 2 and
summarised in Table 3. It can be observed that
increased F0 following the original /p/ causes more
geminate responses, while lowered F0 following the
original /pp/ results in fewer perceived geminates.
Although there are no crossovers, both response
curves converge gradually toward the perceptual
boundary at 50%, especially in the case of the
stimuli created from the original /pp/ in which the
mean percentage of geminate responses is reduced
from 90% to 59%. The results of one-way ANOVA
reveal that the differences across the stimuli are just
significant for the original /p/ (F(5,82.55)=2.884,
p<.05) and highly significant for the original /pp/
(F(5,157.7)=4.948, p<.001), suggesting some
perceptual cue-values of F0 on geminate perception
in KM for both groups of stimuli.
3.3. Experiment 3

Sig.
0.891
<0.05
<0.05
<0.01
0.075
0.333

The perception results of the word-pair /tɪdo/-/ttɪdo/
in Experiment 3 are demonstrated in Figure 3 and
summarised in Table 4.
Figure 3: Mean percentages of geminate responses
to the voiceless stop stimuli in Experiment 3.
(a) Originally /t/

Figure 2: Mean percentages of geminate responses
to the voiceless stop stimuli in Experiment 2
(original /p/=blue line; original /pp/=red line).

(b) Originally /tt/

Table 3: Number of tokens and mean percentages
of geminate responses to the voiceless stop stimuli
in Experiment 2.
F0 in
semitones
0
0.5
1
1.5
2
2.5

n
90
90
90
90
90
90

Originally
/p/ (%)
3
9
11
12
19
22

n
90
90
90
90
90
90

Originally
/pp/ (%)
59
61
79
76
81
90
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Table 4: Mean percentages of geminate responses
to the voiceless stop stimuli in Experiment 3.
(a) Originally /t/
Stimuli (n=90)
(amplitude/F0 variation)

t0 (+0 dB, +0 ST)
t1 (+0 dB, +0.5 ST)
t2 (+0 dB, +1.0 ST)
t4 (+2 dB, +0 ST)
t3 (+0 dB, +1.5 ST)
t7 (+2 dB, +0.5 ST)
t5 (+4 dB, +0 ST)
t10 (+2 dB, +1.0 ST)
t13 (+2 dB, +1.5 ST)
t8 (+4 dB, +0.5 ST)
t6 (+6 dB, +0 ST)
t14 (+4 dB, +1.5 ST)
t11 (+4 dB, +1.0 ST)
t9 (+6 dB, +0.5 ST)
t12 (+6 dB, +1.0 ST)
t15 (+6 dB, +1.5 ST)

%
8
10
12
16
17
27
36
36
37
44
50
51
56
67
67
70

(b) Originally /tt/
Stimuli (n=90)
(amplitude/F0 variation)

tt6 (-6 dB, -0 ST)
tt5 (-4 dB, -0 ST)
tt9 (-6 dB, -0.5 ST)
tt15 (-6 dB, -1.5 ST)
tt11 (-4 dB, -1.0 ST)
tt14 (-4 dB, -1.5 ST)
tt12 (-6 dB, -1.0 ST)
tt13 (-2 dB, -1.5 ST)
tt8 (-4 dB, -0.5 ST)
tt4 (-2 dB, -0 ST)
tt7 (-2 dB, -0.5 ST)
tt10 (-2 dB, -1.0 ST)
tt2 (-0 dB, -1.0 ST)
tt0 (-0 dB, -0 ST)
tt3 (-0 dB, -1.5 ST)
tt1 (-0 dB, -0.5 ST)

%
24
34
34
36
38
38
40
40
44
47
49
50
62
63
68
68

Figure 3 shows mean percentages of geminate
responses to fifteen stimuli made from the original
/t/ (upper panel) and the original /tt/ (lower panel).
In the response curves, following [4], the data are
displayed as a rank-ordering of the perceptual
effects, i.e. they are rank-ordered from the lowest (at
the beginning of the continuum on the x-axes) to the
highest mean percentage (at the right end of the
continuum). Generally, it can be seen that there are
more geminate responses when the amplitude and F0
values following the original /t/ are systematically
increased (upper panel), while, by contrast, there are
fewer geminate responses when the same values
following the original /tt/ are carefully reduced
(lower panel). Both response curves cross over the
50% category boundary, although the perceptual
shift to the opposite category is incomplete.
ANOVA results indicate that the differences in
geminate responses across the stimuli are highly
significant for the original /t/ (F(15,585.2)=14.12,
p<.001) and also for the original /tt/
(F(15,603.0)=4.053, p<.001), indicating that the
combined effects of amplitude and F0 can influence
listeners’ percepts of the consonant contrast in KM.
4. DISCUSSION AND CONCLUSIONS
This study has investigated the degree to which
amplitude and F0 can influence the perception of the
word-initial singleton/geminate contrast in KM,
focusing on voiceless stops in which the primary
acoustic cue of closure duration is unavailable. The
results reported from Experiments 1 and 2 have
shown that amplitude and F0, when modified on
their own, manage to provide secondary cues to
word-initial geminates in KM. However, the effect is
relatively stronger in amplitude modification in
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which there are perceptual crossovers for both series
of stimuli. In the final experiment, it was revealed
that the combined effects of amplitude and F0
provide a better cue-value to the perceptual
separation of the contrast in KM. The perceptual
changes, nevertheless, are not necessarily brought
about by systematic variation in both parameters. In
some cases, amplitude variation alone is enough to
cause significant geminate responses. That is,
amplitude has a larger perceptual effect than F0.
The results in Experiment 1 require some
comment; listeners respond differently to modified
singletons and geminates, implying additional cues
besides amplitude that may potentially influence
listeners to perceive the stimuli created from the
original /p/ as geminates. One of the most probable
cues is the amplitude ratio across syllables. That is,
when amplitude is gradually increased in the first
syllable beginning with singletons, it may be
potentially heard as similar to or louder than the
second syllable, leading listeners to perceive
manipulated singletons as geminates.
These perception results lend support to the KM
production data on amplitude and F0, as reported in
[8]. First, the results closely match the acoustic
results found for the mean amplitude difference
between KM voiceless stop singletons and
geminates (5 dB). Second, as also reported in [8],
the mean F0 differences between KM voiceless stop
singletons and geminates (12 Hz for males and 13
Hz for females) are relatively small to have a large
perceptual effect, which has already been proven in
the current study. The KM perception results are
partially in agreement with comparable experiments
in PM; the individual effect of amplitude seems to
be much stronger in KM than in PM [2], while F0
shows a similar weak effect in both Malay varieties
[3]. With respect to the joint modification of
amplitude and F0, like KM, the word-pairs in PM
show perceptual crossovers in identification, which
can be attributed to the manipulation of both
syllables of disyllabic words in PM.
With regard to the wider implications of this
study, the findings constitute important additions to
the phonetic literature on consonant gemination. In
particular, the perception results have shown that
word-initial consonant gemination can be
characterised by a complex interplay of secondary
acoustic cues in addition to the primary cue, i.e.,
closure duration, particularly in the case of voiceless
stops. Further examination is warranted to determine
whether similar perceptual effects across syllables
are also present in KM consonant gemination. Also,
as to whether the effects of manipulation are present
at other consonant types, this is subject to future
experimental confirmation.
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ABSTRACT
Research has demonstrated the challenges that
listeners face when they are presented with nonnative sounds in noise. The challenges have been
observed in both low- and high-level perception.
However, the relationship between the two types of
processing remains unknown. The present paper
reports the results of two experiments. Experiment 1
explored the identification of English consonants in
intervocalic context, and Experiments 2 explored the
identification of words, both in quiet and noisy
conditions by native Japanese listeners. Consonants
that Japanese listeners often have difficulty to
perceive accurately (/l/ and /r/) are extracted and
discussed. Results showed that 1) task differences did
not have a significant effect on overall consonant
identification, 2) task differences affected the
identification of /l/ and /r/, and 3) predictability
played an important role in word identification.
Keywords: speech perception, word, consonant, nonnative, noise.
1. INTRODUCTION
Perceiving speech in non-idealistic (e.g. noisy,
reverberant or both) environments is difficult, yet we
are constantly exposed to them. Although even native
listeners suffer accurate perception in severe listening
environments, the challenge is obviously larger for
non-native listeners. Due to globalization, learning
and using foreign languages outside of traditional
classrooms have become common. Therefore,
investigation of how listeners perceive non-native
speech in real-life environments is important, and the
demand for development of language learning
materials that consider such conditions are increasing.
Numerous studies have been carried out regarding
non-native speech perception, targeting from lowlevel (e.g. segment level perception such as
consonants and vowels) to high-level processing (e.g.
word and sentence level perception), both in quiet and
adverse listening environments. For example, a vast
number of experiments on the identification and
discrimination of non-native consonants and vowels
have been conducted (e.g. [2, 5, 6, 10]). Such research
generally suggest that non-native listeners’
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perception is often influenced by their first language,
and that when non-native sounds are presented in
adverse listening environments, they are less likely to
tolerate the detrimental effect of background
disturbances such as noise compared to the native
listeners.
Similarly, research has also looked into nonnative word perception (e.g. [4, 7, 9, 11, 12]), which
also generally suggest, like the research on segments,
that non-native listeners are vulnerable to noise. In the
case of high-level perception, however, the factors
that affect perception are more complex compared to
perception of segments. That is, factors such as
lexical familiarity, predictability and proficiency in
the target language must also be considered, as
listeners are more likely to perceive familiar words
and predictable words more accurately than words
that are unfamiliar and unpredictable [7, 11], and
more proficient non-natives are able to perceive
words more accurately than less proficient nonnatives (e.g. [16]).
Traditionally, experiments reported in most
papers have focused on one type of experiment (e.g.
either consonant identification task or word
identification task). The present paper aims to bridge
this gap. Specifically, the present study aims to
investigate whether the ability to perceive segments
(consonants) is carried over to the perception of
words. To examine this, two experiments are
compared. Experiment 1 is a consonant identification
task where non-native (Japanese) listeners are asked
to listen to consonants in an intervocalic context.
Experiment 2 is a word identification task where the
same non-native listeners are asked to listen to
predictable and unpredictable words in sentences.
Both experiments were conducted in quiet and noisy
listening conditions to investigate the effect of
background noise. To look deeper into how listeners’
native language affects perception, the results of
consonants /l/ and /r/ are extracted and discussed, as
they are the two consonants that Japanese listeners
often suffer when listening to speech in English (e.g.
[1, 13, 15].
2. EXPERIMENTS
The procedures for the data collection was approved
by the Seikei University Ethics Committee.

2.1. Experiment 1: Consonant identification task

2.2. Experiment 2: Word identification task

2.1.1. Participants

2.2.1. Participants

Thirty Japanese listeners of English (L1: Japanese,
L2: English) participated in Experiment 1. All
participants were university students at the time of
experiment (age range 18-22) and had no prior
experience of studying phonetics. Their TOEIC®
scores ranged from 420-700 (average 556, median
545). None of the participants reported any hearing
problems.

Twenty listeners from the subject pool in Experiment
1 participated in Experiment 2.

2.1.2. Stimuli
The stimuli consisted of 17 English consonants (/b d
ʤ f h ʒ l ɹ s t ʃ θ ð v w j z/). The stimuli were produced
by two speakers: male American English speaker and
female Japanese-American English bilingual speaker.
The recordings by the American speaker were made
using a microphone (Blue Microphones Yeti) and the
Japanese-American English bilingual speaker’s
recordings were made using a digital sound recorder
(TASCAM Linear PCM recorder DR-100MKII) and
a microphone (Audio Technica AT4022), both at a
sampling frequency of 48 kHz, later downsampled to
16 kHz.
The consonants were embedded in an intervocalic
context in the carrier sentence “You are about to hear
/aCa/ on the tape again” where C represents the target
consonant. The stimuli were presented to the listeners
in quiet and noisy (multispeaker babble noise at
Signal-to-Noise Ratio (SNR) of 0dB) listening
conditions. The stimuli were preceded and followed
by one second of noise. Each participant listened to a
total of 340 stimuli (17 consonants x 2 speakers x 2
listening conditions x 5 repetitions).
2.1.3. Procedure
The experiment took place in a soundproof room. A
laptop computer and the software Praat [3] was used
to carry out the experiment. An identification task
was designed, in which participants were asked to
listen to the stimuli with a pair of headphones (SONY
MDR CD900ST) and to choose the consonant that
they heard from a list of 23 consonants (/p b t d k g t
ʃ ʤ m n f v θ ð s z ʃ ʒ h ɹ j w l/ presented in the form
of, for example, “B as in Be”). The stimuli were
presented only once. Participants were presented to
practice trials prior to the main experiment (12 in
noise and quiet conditions, respectively). All
participants were paid upon completion of the
experiment.

2.2.2. Stimuli
The stimuli used in Experiment 2 were produced by a
male native American English speaker. The stimuli
were recorded in a soundproof room using a
microphone (Audio Technica AT4022) and a digital
recorder (TASCAM Linear PCM recorder DR100MKII) at a sampling frequency of 48 kHz, later
downsampled to 16 kHz.
The stimuli consisted of 140 sentences (70 words x
2 predictability types) which were formed based on
the Speech in Noise Test (SPIN). One hundred
sentences were presented in noisy condition and 40
sentences were presented in quiet condition.
Multispeaker babble noise at a signal-to-noise ratio
(SNR) of 0 dB was used to create the noisy listening
condition. The stimuli were preceded and followed by
one second of noise. The target word was always the
last word of the sentence and was always
monosyllabic. Half of the sentences in each listening
environment (50 in noisy and 20 in quiet condition)
were contextually predictable (e.g. “We were
swimming in the pool.”), and the remaining half were
contextually unpredictable (e.g. “She was talking
about the pool.”). The target words in noisy and quiet
listening conditions were different.
2.1.3. Procedure
The experiment took place in a soundproof room. A
laptop computer and the software Praat [3] was used
to present the stimuli. Participants were asked to
listen to the stimuli with a pair of headphones (SONY
MDR CD900ST) and to write down the final word of
the sentence on the answer sheet provided by the
experimenter. The sentences were also visually
presented to the listeners at the top of the
experimental interface. The stimuli were presented
only once. Prior to the main experiment, the
participants were presented with six practice trials
(three in noise and three in quiet conditions). All
participants were paid upon completion of the
experiment.
3. RESULTS
3.1. Experiment 1 (Consonant identification)

Figures 1 shows the merged accuracy rates of all 17
consonants (analyzed items: 30 participants x 17
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consonants x 2 conditions x 2 speakers x 5 repetitions
= 10200 items). As expected, listeners’ accuracy rates
were higher when stimuli were presented in quiet
condition. Statistical analysis using a two-way
analysis of variance with speaker (monolingual or
bilingual) and condition (quiet or noisy) as
independent variables was carried out. The results did
not show a significant interaction between condition
and speaker (F(1,8772)=2.77, p=.09). Significant
main effects were observed in condition
(F(1,8772)=60.73, p<.001), but not in speaker
(F(1,8772)=0.51, p=.47).
Figure 1: Accuracy rates of all 17 consonants in
quiet/noise spoken by bilingual/monolingual
speakers (%).

3.2. Experiment 2 (Word identification)

Figure 3 shows the accuracy rates of all words in quiet
(40 sentences)/noisy (100 sentences) conditions in
predictable/unpredictable context (analyzed items: 20
participants x 70 words x 2 predictability = 2800
items). Accurate responses were only those with
correct spellings (i.e. misspelled words were
categorized as wrong answers). Statistical analysis
using a two-way analysis of variance with
predictability (predictable or unpredictable) and
condition (quiet or noisy) as independent variables
was carried out. The results showed a significant
interaction between predictability and condition
(p<.001). Significant main effects of predictability
(p<.001) and condition (p<.001) were observed. Posthoc using Tukey-Kramer test showed significant
differences (p<.01) in the accuracy rates between
quiet_high and quiet_low, quiet_high and noise_high,
quiet_high and noise_low, quiet_low and noise_high,
quiet_low and noise_low, and noise_high and
noise_low, meaning accuracy rates decreased
significantly as listening conditions and predictability
became less ideal.
Figure 3: Accuracy rates of all words in quiet/noise
and predictable/unpredictable conditions (%) (high:
high predictability, low: low predictability).

Figure 2 shows the extracted results of /l/ and /r/
(analyzed items: 30 participants x 2 consonants x 2
conditions x 2 speakers x 5 repetitions: 1200 items),
the two consonants that are often documented as
perceptually challenging to native listeners of
Japanese. Again, listeners’ accuracy rates were higher
when stimuli were presented in quiet condition. A
significant main effect was observed in condition
(F(1,1072)=14.93, p<.001), but not in speaker
(F(1,1072)=0.06, p=.80).
Figure 2: Accuracy rates of /r/ and /l/ in quiet/noise
spoken by bilingual/monolingual speakers (%).
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Figure 4 shows the accuracy rates of words that
have initial consonants /l/ and /r/. Although the
number of words is limited to only three, the nearperfect scores in quiet condition show that
participants had little difficulty in perceiving both
predictable and unpredictable words if there is no
noise in the background (analyzed items: 20
participants x 3 words x 2 predictability = 120 items).
However, as expected, accuracy rates decreased
dramatically in noisy listening condition (analyzed
items: 20 participants x 10 words x 2 predictability =
400 items). Two-way analysis of variance showed a
significant interaction between predictability and
condition (p<.01), and a trend in significance between
predictability and condition (p=.07). Significant main

effects of condition (p<.001) and predictability
(p<.001) were observed.
Figure 4: Accuracy rates of words with initial
consonants /l/ and /r/ in quiet/noise and
predictable/unpredictable conditions (%).

4. DISCUSSION
The present paper reported the results of two
experiments: Experiment 1 on the identification of
consonants in intervocalic context and Experiment 2
on the identification of English words. Because the
present paper does not report the results of native
listeners, as reference, previous research with similar
experimental designs shows that native listeners
achieved approximately 80% in a consonant
identification task in a noisy condition at SNR=0dB
[6] as well as in unpredictable word identification in
a noisy condition at SNR=0dB [12]. Comparison with
these studies show that the impact of presence of
noise and the absence of predictability is greater for
non-native listeners.
Comparison of the overall results of the two
experiments in the present study (Figures 1 and 3)
show that while task difference (non-word or word)
does not seem to affect the overall accuracy of
consonant perception (with the exception of
unpredictable words in noisy condition in Experiment
2), it affected the perception of /l/ and /r/ (Figures 2
and 4).
Accuracy rates were similar in noisy condition in
Experiment 1 (Figure 1, approximately 55-60%) and
noisy condition + high predictability words in
Experiment 2 (Figure 3, approximately 55%). This
result suggests that listeners were able to use
predictability in perceiving words accurately (thus
also perceiving consonants accurately) in noisy
condition. On the contrary, accuracy rate of
unpredictable words in noisy condition stands around
20%. Compared to previous studies on experiments
on unpredictable words in noisy conditions, this score
was unexpectedly low, considering 1) target words in
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Experiment 2 were lexically familiar to Japanese
listeners, and 2) previous research shows native
listeners achieved around 80% accuracy rate in the
identification of unpredictable words in noisy
(SNR=0dB) condition (e.g. [12, 14]). The results
obtained from Experiment 2 demonstrates how
difficult it is for non-native listeners to perceive
unpredictable words in noise.
Although the accuracy rates of /l/ and /r/ in
intervocalic context did not differ significantly
compared to the results of all the consonants
(approximately 70-80% in quiet condition, and
approximately 55-60% in noisy condition), the results
of /l/ and /r/ show a wide distribution. This may be
caused by the relatively wide range of English
proficiency level of the participants, assuming from
TOEIC scores (lower to upper intermediate level).
Moreover, the results of /l/ and /r/ extracted from
Experiments 1 and 2 (Figures 2 and 4) showed clear
effect of task differences. Despite the small number
of word items analysed in Experiment 2, accuracy
rates of words with initial consonants /l/ and /r/ were
close to 100% in quiet condition, while accuracy in
noise_high condition (predictable words in noise)
decreased to 30% (accuracy rates of all words:
approximately 55% in noise_high). This result
indicates that /l/ and /r/ words are even more
adversely affected in noise compared to words that
begin with other consonants. Meanwhile, noise_low
condition (unpredictable words in noise) did not
differ significantly (/l/ and /r/ words: 15%, all words:
20%), which suggests that SNR=0dB causes floor
effect for lower to upper intermediate level learners
of English, not just for /l/ and /r/ but all words.
5. CONCLUSION
The present paper reported the results of two
experiments: identification of English consonants
(Experiment 1) and words (Experiment 2) in quiet
and noisy conditions by native Japanese listeners. The
results indicated that listening condition and
predictability affects accuracy, and that task
difference (consonant or word identification) affects
particularly the perception of /l/ and /r/. Further
analyses are necessary regarding differences in
individual consonants as well as effect of proficiency.
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ABSTRACT
Speakers typically invest less effort in the articulation
of sounds and words that are highly predictable from
their contexts. Recent research reveals a perceptual
corollary to this behaviour, showing that listeners pay
less attention to acoustic signal in predictable
contexts. The present paper expands on this finding
by testing the acceptability and discriminability of
sequences of speech with varying levels of
predictability. Stimuli are contrast pairs and are either
phonotactically attested or else contain an illicit nonhomorganic consonant cluster. Such clusters violate
Japanese phonotactics and have been found to elicit
perceptual epenthesis in Japanese listeners. The
results show that unattested consonant clusters are
perceived as more acceptable in high-frequency
sequences than in low-frequency sequences.
Keywords: Japanese, Perceptual Epenthesis, Vowel
Devoicing, Predictability.
1. INTRODUCTION
Speakers typically produce segments and words less
robustly (shorter, quieter and/or with more
centralized vowels) in predictable contexts (see [10]).
Studies that examine these phenomena often frame
their findings within Zipf’s [12] principle of least
effort: humans tend to use the least amount of energy
required to accomplish a task successfully. This
theory assumes that listeners can retrieve meaning
from predictable contexts, even with degraded
incoming acoustic signals—speakers would not risk
reducing sounds if it impeded comprehensibility.
Indeed, recent research has shown that—much like
speakers—listeners pay less attention to acoustic
signal when upcoming input is predictable, making
use of top-down knowledge of their native language
(L1) experience [4]. These findings are tested further
in the present paper by with respect to the problem of
'perceptual epenthesis'.
When listeners are exposed to phonotactically
unattested sequences of speech, they sometimes
misperceive the signal as adhering to native
phonotactics, a process sometimes described as
perceptual repair. A well-described example of this is
perceptual epenthesis which involves the repair of
unattested consonant clusters with epenthetic vowels
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[1]. Japanese generally disallows non-homorganic
consonant clusters [11] and is thus an excellent
language to study in this regard: Japanese listeners
sometimes perceptually repair a phonotactic cluster
violation with an epenthetic /u/ [1], although they
have also been found to perceive /i/ when the
consonant preceding the epenthetic context has a high
/Ci/ transitional probability (or is predictable given its
context) [6].
A number of studies have examined the role of
predictability in perceptual epenthesis. One such
study uses real and nonce words of varying length
(measured in terms of mora counts) as a proxy for
predictability [4]. This study—conducted under
similar conditions, although at different times and
with different participants as the current
experiments—is based on the premise that when real
words get longer, the identity of upcoming signal
becomes more predictable, because words attain their
lexical uniqueness point [9], while no such effect
should occur in unfamiliar/nonce words. The
experiments revealed a clear effect of predictability
on Japanese listeners’ ability to discriminate between
phonotactically attested sequences and unattested
consonant clusters, whereby longer-word contrasts
are less discriminable when the epenthetic context is
predictable.
The present paper extends [4] by examining the
acceptability of contrast tokens which maintain
varying levels of predictability. One note on our
methodology is in order. Surprisal and Entropy have
often been used to quantify predictability in recent
linguistic studies (see [10]). However, this was not
possible for the present study because an examination
of the Corpus of Spontaneous Japanese [7] revealed
that the target vowel in /CimaʃVta/ sequences is very
rarely anything other than /i/. Therefore, Surprisal and
Entropy are inappropriate for the present study.
Instead, the current study uses word frequency as a
proxy for predictability, while noting that these two
measures are not identical (although very often
correlated).
The current experiment measures the acceptability
of sequences of phonotactically legal or illegal
sequences using Goodness of Fit (GoF) scores.
However, it is problematic to describe these as
legal/illegal contrasts because—in the upcoming
experiments—Japanese listeners assign higher GoF

scores to tokens that supposedly violate Japanese
phonotactics (see discussion in the Results section).
We therefore refer to tokens that contain no evidence
of a vowel in the epenthetic position as “reduced
tokens” and those that contain clear evidence of a
vowel as “unreduced tokens”.
Here, listeners are predicted to assign higher GoF
scores to reduced tokens when they are more
predictable (as determined by word frequency) due to
listeners being tuned to the effects of predictability on
speech production. This should result in more
divergent GoF scores and—in turn—greater
discriminability in predictable contexts. However,
this is seemingly paradoxical because [4] shows that
predictability decreases discriminability. The present
paper tests these two effects in two experiments. In
Experiment 1, Japanese listeners categorise and
assign GoF scores to reduced and unreduced
sequences which represent words that occur at
varying frequencies. In Experiment 2, listeners
distinguish those same sequences in a series of AXB
discrimination tests.
2. METHOD
The stimuli for the following experiments are listed
in Table 2; [maʃita] and [maʃta] were also recorded.
From these additional recordings, [ʃita] and [ʃta]
portions were excised and spliced into unreduced
sequences. Excising and splicing occurred 10 ms into
the medial [ʃ] in all cases. Splicing was conducted to
ensure that the epenthetic context was identical across
contrasts. All tokens constitute real words in Japanese
except for two; [pimaʃita] is a phonotactically legal
nonce word, while [simaʃita] either violates the
Japanese co-occurrence restriction */si/ or [si] is a
mispronunciation of /ʃi/, depending on your view of
Japanese phonology. Tokens that represent real words
are listed in Table 2 according to the rate that they
occur in Japanese discourse as counted in the Corpus
of Spontaneous Japanese [7]. Five repetitions of each
target word were recorded by the first author (who is
a non-native but fluent speaker of Japanese) in a
recording studio located at the University of
Melbourne and had a bit depth of 64 kb/sec and a
sample rate of 48 kHz. The first and fifth repetitions
were not used to avoid the effects of list initial
unfamiliarity and list final intonation patterns.
19 L1 Japanese speakers (13 Female; M age 28
years) living in Murayama, Japan were recruited for
the following experiments All participants had had
limited exposure to languages other than Japanese,
apart from compulsory English instruction. One
participant’s responses in Experiment 2 suggested
that they had not understood the instructions and their
data was excluded from the analyses.

2764

Experiments took place in quiet rooms located in
Murayama, Japan. Experiments 1 and 2 occurred in
succession. Experiment 1 consisted of 108 trials
where participants were asked to assign tokens to
categories represented in Hiragana (the most basic
Japanese transcription system, which offers no way
of representing non-homorganic clusters). After each
stimulus, participants were re-exposed to the token
and asked to assign a GoF rating to indicate how well
the token fit to the assigned category. This was
presented to participants as a Likert scale ranging
from 1 (different) to 7 (identical). If participants
failed to respond to either sub-task within 3500 ms,
the trial would time-out and both the categorisation
and goodness of fit judgment sub-tasks would be
replayed at a random time later in the experiment.
Table 1: Stimuli used in Experiments 1 and 2, with
gloss and frequency of occurrence in the Corpus of
Spontaneous Japanese (Count).
Unreduced

Reduced

Gloss

Count

[ʃimaʃita]

[ʃimaʃta]

Did

7305

[kimaʃita]

[kimaʃta]

Came/Wore

4130

[mimaʃita]

[mimaʃta]

Saw

1450

[nimaʃita]

[nimaʃta]

Resembled

6

[pimaʃita]

[pimaʃta]

Nonce

--

[simaʃita]

[simaʃta]

Nonce - Violation

--

Experiment 2 consisted of 2 identical blocks of
144 AXB discrimination trials (288 trials in total). To
avoid phone sequence bias, tokens were organised
into AXB triads by way of a Latin square; within each
block, tokens were presented at random. Participants
responded to the task by pressing either “1” or “3” on
a keyboard to indicate whether the middle token (X)
was a better match to the first (A) or third (B) token.
Stimuli were spaced with a 1000 ms interval and trials
were spaced with a 1500 ms interval. If participants
failed to respond to trials within 2000 ms from the
onset of the B token, the trial would time-out and be
replayed at a random time later in the experiment.
3. RESULTS
In the categorisation phase of Experiment 1,
participants assigned both reduced and unreduced
tokens to their predicted categories almost all of the
time. There was, however, some confusion with nasal
onset sequences where tokens that begin with [m]
(/#m/ tokens) were occasionally assigned to
/nimaʃita/ and vice versa. This confusion is likely
only observed in nasal onset tokens because nasal
consonants are demonstrably perceptually similar to
each other, and more likely to undergo place
assimilation than oral stops [2]. [#n] tokens were

assigned to the /mimashita/ category (M = 18%, SD =
18%) at a far greater rate than [#m] tokens were
assigned to the /nimaʃita/ category (M = 5%, SD =
9%). A paired-sample t-test revealed a significant
difference between [#m] token and [#n] token miscategorisation rates (t(18) = 5.1, p < .001). This
asymmetrical result is likely due to a lexical
frequency bias: the lower frequency [#n] tokens are
more likely to be misperceived as higher frequency
/mimaʃita/ rather than the other way around. Of the
nasal onset sequences, reduced tokens were more
likely to be assigned to an unexpected category (M =
14%; SD = 9%) than unreduced tokens (M = 9%; SD
= 9%). Again, a paired-sample t-test revealed a
significant difference between reduced and
unreduced token mis-categorisation rates (t(18) = 7.3,
p < .001). This asymmetry is difficult to account for
because—while non-homorganic consonant clusters
are unattested in Japanese—reduced tokens—which
maintain no evidence of a vowel in the target
position—achieved higher GoF scores (M = 6, SD =
1.2) than unreduced tokens (M = 5.4; SD = 1.7).

Similar studies have shown that tokens that contain
consonant clusters achieve higher GoF scores than
tokens that adhere to Japanese phonotactics when the
consonant preceding the epenthetic context is a
voiceless fricative and attribute this behaviour to
vowel devoicing behaviour, arguing that vowel-less
sequences are a nearer match to devoiced vowels than
more robust, fully voiced vowels [5]. A pairedsample t-test revealed a significant difference
between reduced token and unreduced token GoF
scores (t(113) = 4.6, p < .001). For existing words,
this difference appears to correlate with word
frequency (see Table 2) whereby the higher the
frequency, the greater the difference between reduced
and unreduced tokens. For nonce words, the reduced
token is also perceived as more acceptable than the
unreduced token, but this difference is ranked
somewhere between the medium/low frequency
words /mimashita/ and /nimashita/. These differences
were assessed in a series of paired sample t-tests
(Table 2) and real word differences are presented in
Figure 1.

Table 2: GoF scores, GoF differences between tokens that share a category and paired-sample t-test results.

Token
GoF Category GoF Diff.
[ʃimaʃita] 5.49
/ʃimaʃita/
0.95
[ʃimaʃta] 6.44
[kimaʃita] 5.71
/kimaʃita/
0.84
[kimaʃta] 6.55
[mimaʃita] 5.72
/mimaʃita/
0.75
[mimaʃta] 6.48
[nimaʃita] 5.61
/nimaʃita/
0.09
[nimaʃta]
5.7
[pimaʃita] 5.65
/pimaʃita/
0.68
[pimaʃta] 6.33
[simaʃita] 4.12
/ʃimaʃita/
0.42
[simaʃta] 4.54
Figure 1: Experiment 1 GoF differences in real
word tokens. IPA transcriptions of the categories
appear horizontally along the bottom of the graph,
average GoF scores are represented vertically.

6.5
6
5.5
Cluster

5
/ʃimaʃita/

Sig.

2.689 .018*
2.347 .034*
2.133

.051

0.242

.813

2.159 .049*
1.615

.129

An ANOVA was performed to test our hypothesis
that predictability influences reduced token GoF
scores. The ANOVA—which was calculated on each
participants’ average GoF score for reduced tokens—
revealed a significant effect of contrast on GoF score
(F(3, 75) = 5.15, p = .003). A second ANOVA that
was performed on the average GoF scores for
unreduced tokens did not reveal a significant effect of
predictability on unreduced tokens (F(3, 75) = .087, p
= .967). The unreduced [simaʃita] token GoF scores
do appear to be an outlier here, however, previous
studies have shown that Japanese listeners assign low
GoF scores to [si] sequences that are assigned to /ʃi/
categories [3]. These findings suggest that unreduced
sequences are perceived as equally acceptable
regardless of predictability while reduced sequences
are perceived as more acceptable when they occur at
a higher frequency.

7

Attested

t

/kimaʃita/ /mimaʃita/ /nimaʃita/
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Results for Experiment 2 are presented in Table 3.
An ANOVA on discrimination accuracy did not
reveal a significant difference between contrasts (F(5,
107) = 0.43, p = .83); however a second ANOVA on
response time showed a significant effect (F(5, 5183)
= 5.25, p = < .001).
Table 3: Experiment 2 AXB Accuracy and
Response Times. RT (ms) is the average response
time in milliseconds.

Contrast
Accuracy % RT (ms)
[ʃimaʃita] - [ʃimaʃta]
91
1097
[kimaʃita] - [kimaʃta]
93
1031
[mimaʃita] - [mimaʃta]
92
1046
[nimaʃita] - [nimaʃta]
91
1045
[pimaʃita] - [pimaʃta]
91
1065
[simaʃita] - [simaʃta]
91
1032
Response time in experiments similar to the one
reported on here is typically seen as a reflection of
task difficulty (e.g., [8]). A post hoc test with
Bonferroni correction was conducted to provide a
more fine-grained measure of task difficulty. The test
revealed a significant difference of response time
only between the [ʃimaʃita] - [ʃimaʃta] contrast and
the following contrasts: [kimaʃita] - [kimaʃta] (p <
.001), [nimaʃita] - [nimaʃta] (p = 0.01), [simaʃita] [simaʃta] (p < .001).

of /maʃita/ or /ʃita/, which would explain why they
behave as tokens that are expected.
The current experiments follow a well-established
experimental paradigm whereby the GoF scores
assigned to sequences of phonotactically legal or
illegal phones that share a category are a useful
predictor of their discriminability. The GoF scores in
Experiment 1 suggest that sequences that occur more
frequently should be easily discriminable; however,
this was not reflected in Experiment 2. Participants
were not significantly more accurate at discriminating
between high and low predictability contrasts. This
may be the result of the effect of predictability on
attention to phonetic detail [4]—which should reduce
discriminability of predictable contrasts—cancelling
out the effect of divergent GoF. Here, we hypothesise
that if stimuli were manipulated to be more similar
(e.g., by reducing the duration or intensity of target
vowels in unreduced tokens), the influence of
predictability would decrease in terms of GoF score
divergence and increase in terms of discrimination
accuracy.
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ABSTRACT
The word /kijo:/ ‘appointment [to a position]’ in
Japanese contains an underlying glide while the
word /kio:/ ‘past illness’ contains an epenthetic glide,
both surfacing as a second formant (F2) transition
following the steady state of the preceding vowel.
This study evaluates whether Japanese listeners can
perceptually distinguish the presence of an
underlying glide from an epenthetic glide, which
would be a case of incomplete neutralization. For
this investigation, we manipulated the duration of
the steady state of the /i/ vowel, and the duration of
the following F2 transition. Eighteen Japanese
listeners completed a two-alternative forced-choice
identification task with the manipulated stimuli. The
results suggest that Japanese listeners rely neither on
the length of the F2 steady state nor on that of the F2
transition to distinguish /kio:/ from /kijo:/ in
perception. Hence, these sub-phonemic cues do not
appear to contrast an underlying glide from an
epenthetic glide in Japanese.
Keywords: Speech perception, glide, Japanese,
incomplete neutralization.
1. INTRODUCTION
There are a number of words in English that are
pronounced the same, called homophones. Some
words, however, may only appear to be
homophonous. A famous example is the contrast
between ‘writer’ and ‘rider’ in American English.
Although the two words are almost pronounced the
same due to the flapping of intervocalic /t/ and /d/,
the duration of the vowel preceding the underlying
/d/ is generally longer than the vowel preceding the
underlying /t/ [9, 13]. Not only the words can be
distinguished in production by some sub-phonemic
cue (vowel duration), but also American English
listeners are sensitive to this cue in order to
distinguish the two words in perception [8].
The Japanese language also has words that are
potentially homophonous, such as /kio:/ ‘past
illness’ and /kijo:/ ‘appointment (to a position)’. The
word /kijo:/ contains an underlying glide /j/ that can
be measured as a second formant (F2) transition.
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While /kio:/ does not contain any underlying glide,
an epenthetic glide may be inserted in the sequence
/io/ [10], which is similarly realized as an F2
transition. While the words can be distinguished
through context, it is possible that some acoustic
cues may be used by native Japanese listeners to
distinguish the presence of an underlying glide from
an epenthetic glide, which would be a case of
incomplete neutralization, as discussed in the next
section.
An F2 steady of state of less than 50 ms is
perceived in Japanese as the presence of a glide
whereas a steady state of more than 50 ms is
generally perceived as the presence of a vowel [5].
Hence, the length of the steady state may play a role
in the perception of /kio:/ and /kijo:/ in Japanese,
with a longer steady state leading to the perception
of /kio:/ (i.e., to a sequence without underlying
glide). Furthermore, a distinction in the shape of the
F2 transition was observed between sequences of
two vowels versus diphthongs in Spanish [1], and
between glide transition and diphthongs in Sindhi
[6]. Accordingly, it is possible that the shape (i.e.,
length) of the F2 transition also plays a role in
distinguishing the sequence /io/ from /ijo/ in
Japanese. Hence, the current study evaluated
Japanese listeners’ sensitivity to the duration of the
F2 steady state, and the duration of the F2 transition
for distinguishing the words /kio:/ and /kijo:/.
2. INCOMPLETE NEUTRALIZATION
Incomplete neutralization is when two nearly
identical words are contrasted above chance level in
production and perception. An example of
incomplete neutralization is the case of word-final
devoicing in German, where the underlying voiced
stop /d/ can be distinguished both in production and
perception from its underlying voiceless counterpart
/t/ [7]. Another possible example of incomplete
neutralization is the case of the English words
‘prints’ and ‘prince’ where the closure of the
epenthetic /t/ in the /ns/ sequence of ‘prince’ has
been documented to be produced with a shorter
duration than the closure of the underlying /t/ in
‘prints’ [4]. It is questionable whether underlying
segments consistently differ at the sub-phonemic

level from their epenthetic counterpart, and whether
listeners are sensitive to such differences. Hence, the
current study investigated whether incomplete
neutralization may occur in the perception (only) of
an underlying versus epenthetic glide in Japanese.
2. METHOD
2.1. Participants

Eighteen native Japanese speakers (14 females)
participated in this experiment. They were aged 19
to 52 years old (M = 26). All participants were from
the Kanto region (around Tokyo), and reported no
history of hearing or speech impairment. None of the
participants reported to speak fluently any other
language than Japanese, or to have been abroad for
more than 12 weeks. They received a monetary
compensation for their participation.

2.2.2 Manipulations
Twenty-five stimuli were created from a /kijo:/
token produced by a 22 years old female Japanese
speaker from the Kanto area. The duration of the F2
steady state and F2 transition were manipulated in
Praat [3] using a script [11]. First, the F2 steady state
was manipulated to vary from 40 ms to 80 ms in 5
equal steps of 10 ms. Then, the F2 transition was
varied from 20 ms to 60 ms in 5 steps of 10 ms. The
25 manipulated stimuli are schematized in Figure 1
below, with spectrograms of 2 of the resulting
stimuli presented in Figure 2. The duration of the
initial stop release (89 ms), and the duration of the
steady state of the word-final vowel (225 ms) were
kept constant across all 25 test tokens. The resulting
/kio:/-/kijo:/ stimuli varied in total length from 374
ms to 454 ms.
Figure 1: The 25 manipulated test stimuli were
varied in terms of duration of the F2 transition (xaxis) and duration of the F2 steady state (y-axis).

2.2 Stimuli

2.2.1 Recorded stimuli
In order to decide the duration values of the F2
steady state and the F2 transition for the stimuli, we
looked at /kio:/ and /kijo:/ samples produced by two
female Japanese speakers from the Kanto area.
Table 1 summarizes the duration characteristics of
the F2 steady state and the F2 transition from a total
ten /kio:/ and ten /kijo:/ samples (each speaker
produced five of each). The data in Table 1 suggest
an overlap in both the duration of the F2 steady and
of the F2 transition between the presence of an
epenthetic glide and that of an underlying glide in
the samples collected. The current experiment,
however, is only concerned with whether the words
are contrasted in perception.
Table 1: The duration characteristics of the F2
steady state (top) and F2 transition (bottom) in ten
recorded samples each of /kio:/ and /kijo:/ by two
native Japanese speakers.
F2 steady state
in milliseconds
min
max
average
SD

/kio:/

/kijo:/

34
60.5
48.31
9.08

36.4
78.8
59.05
15.9

F2 transition in
milliseconds
min
max
average
SD

/kio:/

/kijo:/

18.1
73.2
48.3
18.2

35.9
74.3
51.17
11.5
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Figure 2: Spectrogram of the token with 40 ms of
F2 steady state and 20 ms of F2 transition (top),
and spectrogram of the token with 80 ms of F2
steady state and 60 ms of F2 transition (bottom).

2.3. Procedure

The perception experiment was done in a quiet room
with the same Audio-Technica ATH-S100
headphones and using the same Macbook Air laptop
computer. The task consisted of a two-alternative
forced-choice identification task. The Japanese
participants were instructed (in Japanese) to listen to
the stimuli presented one at a time and to decide
whether each word they heard was /kio:/ or /kijo:/ by
pressing the appropriate key on the computer
keyboard (the choices that appeared on the computer
screen were written in Japanese: 既往 for /kio:/ –起
用 for /kijo:/). The stimuli were presented randomly
4 times (4 times x 25 stimuli = 100 test tokens). The
first round of 25 stimuli was considered a practice
session and discarded from the analyses. Stimulus
presentation and data collection were controlled
using ExperimentMFC in Praat [2]. The experiment
lasted approximately 10 minutes with no break.
3. RESULTS AND DISCUSSION
The research question addressed by this study was
whether Japanese listeners could perceive a
difference between an underlying glide and an
epenthetic glide as in the words /kijo:/ and /kio:/
respectively. We looked at the use of two potentially
relevant cues that were shown cross-linguistically to
play a role in speech perception: The duration of the
F2 steady state and the duration of the F2 transition.
Figure 3 presents the percentage of /kio:/ responses
as a function of the duration of the F2 steady state.
The roller-coaster pattern suggests that this cue is
not used systematically by native Japanese listeners
to contrast the presence of an epenthetic glide from
the presence of an underlying glide in perception.
Figure 3: Percentage of /kio:/ responses per
change in the duration of the F2 steady state.

Figure 4 shows the percentage of /kio:/ responses
as a function of the duration of the F2 transition.
Although there is a trend towards a decrease in /kio:/
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responses as the duration of the F2 transition
increases, this tendency was not statistically
significant.
Figure 4: Percentage of /kio:/ responses per
change in the duration of the F2 transition.
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Generalized Linear Mixed-Effects Model with F2
steady state and F2 transition as the independent
variables and the presence of /kio:/ responses as the
dependent variable (where a /kio:/ response was
coded as 1 and a /kijo:/ response as 0) confirmed no
main effect of F2 steady state (β=-0.04878, z=0.509, p=0.6106), nor a significant effect of F2
transition (β=-0.16066, z=-1.682, p=0.0925) or any
effect of the interaction between F2 steady state and
F2 transition (β=0.02385, z=0.829, p=0.4073) in the
current study. Hence, no statistical support for a
perceptual difference between an underlying glide
and an epenthetic glide in Japanese was found on the
average data.
The responses of each individual participant were
compiled separately and the identification patterns
were visually inspected as a preliminary
investigation into individual data. The purpose of
this investigation was mainly to rule out the
possibility that some individuals would show a
systematic pattern, but that this pattern was canceled
out in the overall data by other individuals showing,
for instance, the opposite pattern. Figure 5 illustrates
two representative set of results, one by a male
listener (top) and one by a female listener (bottom).
The number of responses out of three trials for each
token is indicated in each circle, and the circles are
presented in black when the number of /kio:/
responses for a token is 2 or 3 out of 3 (that is, the
token is identified mainly as /kio:/). As illustrated
with the examples in Figure 5, this pilot
investigation suggests no clear pattern in any of the
individual data either, though this would
understandably need to be confirmed with a more
thorough investigation (which was beyond the scope
of the current study).

Figure 5: Sample of individual response pattern
for a male (top) and a female (bottom) Japanese
listener. A black circle indicates that this token
was generally perceived as /kio:/. The number in
each circle represent the number of times this
token was identified as /kio:/ out of 3 trials.

4. CONCLUSION
The current study investigated whether the words
/kio:/ and /kijo:/ in Japanese may represent a case of
incomplete neutralization, where the words are
distinguished in perception through sub-phonemic
cues. While /kijo:/ contains and underlying glide, the
word /kio:/ features an epenthetic glide, both of
which are realized acoustically as an F2 steady state
of the /i/ vowel followed by an F2 transition into the
vowel /o/. We hypothesized that Japanese listeners
may be able to rely on either the duration of the F2
steady state or the duration of the F2 transition in
order to differentiate the target words presented in
isolation using a two-alternative forced-choice
identification task. The results indicated no
significant effect of the duration of the F2 steady
state, nor a significant effect of the duration of the
F2 transition, as well as no significant interaction
between the two cues. Hence, the current results
suggest that the words /kio:/ and /kijo:/ are
neutralized in perception. It remains to investigate
whether the words are also neutralized in production.
If these words can be distinguished in production, it
would mean that this contrast is a case of near
merger.
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ABSTRACT

We report four experiments with adult native American English listeners with no speaking or hearing
disorders. Exps. 1a,b test the streaming hypothesis’s prediction that a /T-f/ continuum is not differentiated from a following vowel in categorization;
Exp. 2 tests streaming’s prediction that listeners are
unable to predict the quality of a following vowel
from the acoustics of the fricative alone. Exp. 3 tests
the perceptual differentiation of /s-S/ from following
mid vowels as in Exp. 1. Exp. 4 demonstrates that
listeners can predict the quality of an upcoming mid
vowel from the acoustics of /s/ and /S/ alone.

Sibiliants /s/ and /S/ concentrate energy at frequencies well above the rest of the speech signal. [1]
contend that as a result sibilants stream auditorily in
listeners’ initial percepts. We present evidence from
gating and categorization studies that non-sibiliant
voiceless fricatives /f/ and /T/ are segmented the
same way that sibilant ones are in English. Because
/f/ and /T/ are broader in their energy distribution
than sibilants, they overlap with context vowels and
are less likely to stream auditorily than sibilants. It
is the sharp acoustic discontinuity between voiceless noise and voiced periodicity, rather than spectral streaming, that causes listeners to parse fricative
and vowel intervals as covarying, but clearly separate, intervals.

2. EXPERIMENT 1
2.1. Introduction

Exps. 1a,b tested the generality of the finding that
quality of a following vowel influences listeners’
categorization of a fricative continuum.

Keywords: Streaming, differentiation, prediction
1. INTRODUCTION

2.2. Method

Many studies have shown that listeners respond “sh”
more often to an /s-S/ continuum before /i/ than /a/,
/u/, or /y/ [2, 3, 4, 5, 6, 7, 9, 10]. This has been interpreted as compensation for coarticulation – listeners
respond more often with the more posterior fricative
/S/ before the more anterior vowel – or as spectral
contrast – they respond more often with spectrally
lower /S/ before the spectrally higher vowel. Listeners perceptually differentiate the fricative from the
vowel, on either articulatory or auditory grounds.
Listeners can also predict the quality of the following vowel from acoustic evidence in the fricative
alone [5]. For /s/ and /S/, both differentiation and
prediction could be produced by auditory streaming [1]. Most, but not all, sibilants’ energy is above
that of the spectrally highest vowel, /i/. Streaming
could separate the higher frequency energy of both
/s/ and /S/ from the lower portion of their spectra,
where acoustic effects of coarticulation with the following vowel’s F2 can be heard and used to predict
that vowel’s quality. If streaming is responsible for
differentiation and prediction, then neither should
be found with the non-sibilant fricatives, spectrally
higher /T/ and lower /f/, because their energy distributions are broad and overlap with those of vowels.

2.2.1. Stimuli
Two 20-step /T–f/ continua were made by mixing
in complementary proportions 100-ms intervals of
fricative noise from /T/ and /f/ recorded either before
/e/ or /o/. In Exp. 1a, the continuum from the /e/
context was spliced onto /eg/ rimes, those from the
/o/ context onto /og/ rimes. The vowels’ F2-F4 onset frequencies varied incrementally from relatively
high to low values in concert with the high-to-low
increments in the noise. In Exp. 1b, the final /g/ was
replaced with a final /k/ in order to remove a potential lexical bias explanation for the results, because
some listeners reported hearing the word fig. Final
/k/ eliminates this vowel-specific bias, because both
fake and folk are words.
2.2.2. Procedure
Listeners were first trained with correct-answer
feedback to respond “f” or “th” as fast as they could
to displays of these letters with keywords using 3
randomized trials each for steps 1, 3, 18, and 20.
They were then tested without feedback with 28 ran-
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2.4. Discussion
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Fricatives were differentiated from vowels. While
this could have been produced by a lexical bias in
Exp. 1a, that is ruled out in Exp. 1b. Because the energy of non-sibilant fricatives is broadly distributed
across frequencies, and overlaps with the energy distribution in the following vowels’ spectra, these results cannot be attributed to streaming.
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3. EXPERIMENT 2
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Exp. 2 used a gating task to test the predictability of
a following vowel from preceding fricatives.
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Figure 1: Exps. 1a and 1b: Mean “f” proportions
(95% CI)

3.1. Method

3.1.1. Stimuli

domized trials each for steps 1, 3, 5, 7, 8, 9, 10, 11,
12, 13, 14, 16, 18, and 20 in each vowel context.
Each trial comprised a 500 ms display of a cross, the
stimulus, a 1500 ms response interval, a 750 ms display of correct-answer feedback on training trials,
and a 750 ms inter-trial interval.

Stimuli were constructed by splicing one of three
versions of /T/ or /f/ onto steps 1, 6, 10, 14, and 20
of a 20-step /e-o/ continuum followed by /g/. One
version of each fricative had been recorded before
/e/ and /o/, while the third was made by mixing the
wave forms of the fricatives recorded before /e/ and
/o/ in equal proportions. The first two versions differed acoustically in ways that the listener could use
to predict the following vowel’s quality, while the
third neutralized those differences. Listeners were
presented with just the fricative interval (gate 110),
the fricative interval plus the first 50 ms of the following vowel (gate 160), which spanned the transition to the vowel’s steady-state, or the entire syllable (gate 567). A 500 Hz square wave followed the
end of gate and lasted to the end of the stimulus [8],
which was 567 ms for all three gates.

2.3. Results

Listeners responded “f” much more before /e/ than
/o/ (Fig. 1). A mixed-effects logistic regression
model was fitted to “f” responses. Fixed effects were
continuum Step, Vowel (e = 0.5, o = -0.5), and Experiment (treatment coded). Step and Vowel were
scaled. Decorrelated slopes and intercepts were included for all effects. Table 1 shows that listeners
were biased against responding “f” (negative intercept). They responded “f” less often as the fricative
became more /T/-like (negative Step), but more often
when the vowel was /e/ than /o/ (positive Vowel) and
when the vowel was /e/ than /o/ as Step increased
(positive Vowel by Step interaction). They also responded “f” more often and in Exp. 1b than 1a (positive Experiment), but no interactions with Experiment were significant.

3.1.2. Procedure
In the first and fourth trial blocks, listeners were
trained with 12 trials with correct-answer feedback
to label the vowel as “e” or “o” as fast as they could.
These training trials were followed by 120 testing
trials using the entire stimulus (gate 567). In the
second and third blocks, 24 training trials were followed by 240 test trials using the fricative-alone and
fricative+transitions gates (110 and 160). In training
trials, all combinations of each of the three versions
of the two fricatives with the /e/ and /o/ endpoints of
the vowel continuum were presented once for each
gate, and in the testing trials, all combinations with
the five vowel steps were presented four times. Stimulus order was randomized in both training and testing in all four blocks. Trial timing, response display,
and collection were otherwise the same as in Exps.

Table 1: Exps. 1a,b: Fixed effects estimates

Estimate

se

z

p

Intercept
Step
Vowel
Experiment

-1.168
-2.321
0.615
0.580

0.279
0.196
0.092
0.169

-4.180
-11.828
6.695
3.425

< 0.001
< 0.001
< 0.001
< 0.001

Vowel:Step

0.154

0.048

3.170

< 0.01
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/f/ than /T/. Both results undermine the streaming
hypothesis because the spectral energy concentration in non-sibilant fricatives overlaps with that in
the following vowels, and /f/’s lower frequency concentration overlaps more with vowels’ concentration
than /T/’s higher frequency concentration.
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4. EXPERIMENT 3
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Exp. 3 partially replicated [2, 3, 4, 5, 6, 7, 8, 9, 10]’s
finding that listeners categorize more of an /s/ to
/S/ continuum as “s” before back vowels than front
vowels, by testing listeners before mid /e/ and /o/.
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Figure 2: Exp. 2, Gate 110: Mean “o” proportions (95% CI).

4.1. Method

4.1.1. Stimuli

1a,b.

Fricatives lasted 135 ms. Three 20-step /s-S/ continua were made for Exp. 3. The first two were made
in the same way as those continua for Exps. 1a and
1b, and contained vowel-specific information in the
fricatives. The third continuum neutralized vowelspecific coarticulatory information by blending endpoints in the same way as the neutralized condition
of Exp. 2.

3.2. Results

Only responses to the fricative-alone gate (110)
tested the prediction of the streaming hypothesis.
Listeners responded “o” more to pre-/o/ fricatives,
and less to pre-/e/ ones compared to neutralized
fricatives (Fig. 2). Both differences are more pronounced with /f/ than /T/. A mixed effects logistic
regression was fitted to “o” responses. Fixed effects were Fricative (/T/ = 0.5, /f/ = -0.5), Vowel
Bias (o = 0.5, no = 0, e = -0.5), and their interaction. Decorrelated intercepts and slopes by participant were included for all effects. Table 2 shows
that listeners were not biased to respond “o” or “e”
(non-significant intercept) nor did the fricative itself
influence “o” responses (non-significant Fricative),
but the probability of “o” decreased from the fricative before /o/ to the neutralized fricative to the one
before /e/ (positive Vowel Bias). Vowel Bias was reduced for /T/ compared to /f/ (negative Fricative by
Vowel Bias interaction).

4.2. Procedure

Stimulus presentation was blocked and counterbalanced by vowel-specific versus neutral fricatives.
The procedure was the same as in Exps. 1a and 1b,
except that within each block, listeners heard 8 training trials, before responding to 20 test trials each for
steps 3, 5, 7, 9, 10, 11, 12, 14, 16, 18 in both vowel
contexts.
4.2.1. Results
The presence versus absence of coarticulatory information in the fricatives determined the vowel’s influence on “s” responses (Fig. 3). When the continuum
contained pre-/o/ information, listeners responded
“s” more often before /o/ and less often when the
continuum did not contain vowel-specific information. Fixed effects were the same as for Exp. 1,
plus Fricative (neutral = 0.5, vowel-specific = -0.5)
and its interaction with Vowel. Table 3 shows that
listeners were biased toward “s” (positive intercept).
They responded “s” less often as the fricative became more /S/-like (negative Step), but more often
when the fricative was neutral than vowel-specific
(negative Fricative), and more often before /o/ when
the fricative was vowel-specific, but not when the
fricative was neutral (positive Fricative by Vowel in-

Table 2: Exp. 2, Gate 110: Fixed effects estimates
Estimate

se

z

p

Intercept
Fricative
Vowel Bias

-0.009
0.150
0.202

0.267
0.169
0.058

-0.032
0.889
3.499

0.974
0.374
< 0.001

Fric:V Bias

-0.153

0.042

-3.682

< 0.001

3.3. Discussion

Exp. 2 shows that listeners can also predict the quality of the following vowel from acoustic evidence
in the fricative alone, and that they do so better for
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Figure 4: Exp. 4, Gate 135: Mean “o” proportions (95% CI)

Figure 3: Exp. 3: Mean “s” proportions (95% CI)

tercepts for participants, was fitted to listeners’ responses at the 135 ms gate. Table 4 shows that listeners responded “o” most after fricatives from before /o/, less after the no-biased fricatives, and least
after fricatives from before /e/ (positive Vowel Bias).
Listeners also responded “o” more after /S/ than an
/s/ (negative Fricative). Bias and Fricative did not
interact.

teraction).
Table 3: Exp. 3: Fixed effects estimates
Estimate

se

z

p

Intercept
Step
Fricative
Vowel Bias

0.836
-2.339
-0.216
-0.032

0.386
0.489
0.084
0.158

2.163
-4.784
-2.574
-0.201

0.031
< 0.001
< 0.05
0.840

Fric:V Bias

0.190

0.057

3.320

< 0.001

Table 4: Exp. 4 gate 135: Fixed effects estimates

Intercept
Vowel Bias
Fricative

5. EXPERIMENT 4
Exp. 4 partially replicated [5]’s findings that listeners can predict the quality of an upcoming vowel on
the basis of the /s/ or /S/ fricative that precedes it.

Estimate

se

z

p

0.82
0.84
-0.25

0.11
0.11
0.09

7.54
8.00
-2.70

< 0.001
< 0.001
< 0.01

5.3. Discussion

5.1. Method

Exp. 4 showed that listeners can anticipate the backness of a mid vowel from a sibilant that contains
some of its formant information.

5.1.1. Stimuli
Stimuli were constructed in the same way as for Exp.
2, except with /s/ and /S/, and three gates of just the
fricative interval (gate 135), the fricative+transitions
(gate 185), and the whole stimulus (gate 582).

6. GENERAL DISCUSSION
Exps. 1 and 2 showed that non-sibilant fricatives /T/
and /f/ differentiate from following vowels and and
predict those vowels’ backness as well as sibilant /s/
and /S/ do. Exps. 3 and 4 replicate earlier findings
of differentiation and prediction with sibilants and
mid vowels. These parallels between non-sibilants
and sibilants undermine any account of differentiation and prediction based in auditory streaming, because non-sibilants’ energy is far less concentrated,
and far more overlapping with vowels’ energy, than
sibilants’.

5.1.2. Procedure
The procedure was identical to that in Exp. 2.
5.2. Results

Listeners responded “o” most to pre-/o/ fricatives,
less to neutralized fricatives, and least to pre-/e/
fricatives (Fig. 4). A mixed effects logistic regression with fixed effects of fricative Bias (/o/ = 0.5, no
= 0, /e/ = -0.5), Fricative (/S/ = -0.5, /s/ = 0.5), their
interaction, and decorrelated random slopes and in-
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ABSTRACT

vowels [1]. These results contradict predictions
made by the supposedly higher acoustic salience of
longer vowels. It is possible that this unexpected
result was not due to the relative durations of the
vowels, but rather to the unnatural sound of the stimuli used. To this end, the present study manipulates
vowel duration, stimulus naturalness, and syllable
spacing to determine which of these factors has the
strongest influence on the rates at which syllable sequences are accurately recalled and reproduced.

This paper presents the results of an Immediate Serial Recall (ISR) study in which sequences of syllables were heard and repeated by native American English speakers. Stimulus sequences varied
in vowel duration, naturalness, and overall stimulus duration. The results show that natural-sounding
syllables were easier to recall than unnaturalsounding syllables. Additionally, and perhaps surprisingly, shorter vowels were marginally easier to
recall than longer ones.
These findings have several implications for
speech perception and salience. First, they show
that natural-sounding stimuli have an advantage over
unnatural-sounding stimuli in this type of speech
processing. Second, the results show that there is
not a linear relationship between vowel duration and
salience: longer vowels are in fact harder, not easier, to recall than shorter vowels. Finally, these results suggest that stimuli in psycholinguistic experiments should be as natural-sounding as possible, as
unnatural-sounding stimuli may produce results that
are less representative of natural speech processing.

2. BACKGROUND
Though there is no single acoustic correlate to
salience, there are certain acoustic properties of a
sound that can contribute to its overall perceptual
salience. For example, vowels are longer, louder,
and have an acoustic steady state that is not characteristic of most consonants; due to these acoustic
properties, vowels are said to be more acoustically
salient than consonants [3, 4]. This high acoustic
salience of vowels impacts their recall in ISR studies. Vowels have been showed to be remembered
more accurately than consonants, both when presented visually [5] and auditorily [3, 7, 1]. However, this result does not hold across speakers of all
languages. Speakers of languages that exhibit templatic morphology, in which the lexical root is comprised solely of consonants, recall consonants and
vowels with equal accuracy [7, 1]. For these speakers, the effect of a language’s morphophonology is
apparently strong enough to outweigh the effect of
acoustic salience in recall.
Given that the relatively long duration of vowels has been claimed to contribute to their overall salience, it would be reasonable to assume that
lengthening vowels would make them more acoustically salient and therefore easier to recall. If this
were the case, the effect of morphophonology on
ISR, which has been shown to be stronger than the
effect of acoustic salience [7, 1], would in turn be
counteracted by an increase of the vowel salience.
The result would be that speakers of all languages,
even those with templatic morphology, would remember longer vowels better than they did consonants. However, this hypothesis has been disproven.

Keywords: vowels, acoustic salience, duration, recall
1. INTRODUCTION
Several different properties of a speech sound can
impact the way it is processed. For example, sounds
with longer durations and higher intensities are considered more salient than those that are shorter or
quieter [3, 4]. However, speech sound processing
is influenced by factors other than the acoustics of
the sounds. For example, adults distinguish between
sounds they believe to be non-linguistic better than
those they believe to be part of natural speech [8].
The way these different properties of sound stimuli interact to influence performance on certain psycholinguistic tasks is not yet clear.
This study aims to investigate the relative effects
of several properties of speech stimuli on vowel recall. The experiment conducted here builds upon the
surprising results of a previous study, which showed
that shorter vowels were easier to recall than longer
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3. METHODS

When vowel duration was manipulated in an ISR
task, it was the shortened vowels that were remembered more accurately than lengthened vowels instead of the longer vowels being easiest to recall.
This result held for speakers of English, Arabic, and
Amharic, showing that the morphophonology of a
language did not have an impact on the recall of long
versus short vowels [1].

3.1. Participants

Twenty-four native speakers of American English
participated in this study. All were students at
Georgetown University, ages 18-21 (mean age =
18.75). Participation in this experiment was completed in exchange for course credit.

It could be the case that it was not vowel duration
but rather another property of the stimuli that led to
these surprising ISR results. For instance, it is possible that these digitally-manipulated stimuli were
perceived as unnatural or even non-speech stimuli.
The perception of a stimulus as linguistic or nonlinguistic has been shown to impact results in speech
processing tasks. Adults discriminate phonemes categorically, but when they are asked to discriminate
non-linguistic stimuli, or are coached to attend to
differences in consonants that may not be contrastive
in their native language, their discrimination abilities become more fine-graned [11, 8]. The substitution of non-linguistic for linguistic stimuli also
improves discrimination by adults perceiving nonnative differences in stress [6] and tone [9]. These
results show that the extent to which a given sound
is perceived as natural language impacts the way it is
processed by the listener. Therefore, the perception
of the manipulated stimuli in previous studies [1] as
somehow unnatural or non-linguistic could have influenced the ISR results more than the mere duration
of the vowels.

3.2. Materials

The stimuli in this study were sequences of six
CV syllables that varied in vowel duration (long or
short), acoustic naturalness (natural or unnatural),
and syllable spacing (dispersed or condensed). The
eight stimulus types are schematized in Table 1. The
six syllables in each sequence had the same consonant but different vowels (e.g., “ma mi mu mu ma
mi”).
Table 1: Schematization of stimulus types differing in vowel duration, naturalness, and syllable
spacing.
Long Vowels
Dispersed
Condensed

Natural
Unnatural
Natural
Unnatural
Short Vowels

Dispersed
Condensed

Following these surprising findings, the purpose
of this study is to investigate the effects of several acoustic properties of stimuli on recall accuracy.
This study follows the assumption used in previous
studies [5, 3, 7, 1] that recall correlates with salience,
such that higher recall scores can be interpreted as
the result of higher acoustic salience of the sounds
being recalled. Vowel duration and stimulus naturalness are both manipulated, in order to determine
whether the relationship between long vowels and
short vowels is the same regardless of stimulus naturalness. In addition, overall stimulus duration is manipulated in this study, with some stimuli containing
syllables that are dispersed in time and others containing syllables that are more condensed. This factor is included as it may be that longer vowels are
easier to remember, but only if the total duration of
the stimulus is below a certain threshold for recall.
Determining the relative effects of these manipulations has implications for recall and speech sound
processing, as well as for stimulus design in future
studies that aim to investigate the perception of natural speech.

Natural
Unnatural
Natural
Unnatural

Each of the nine possible syllables generated from
inventory /m z k i u a/ was recorded by an American
English speaker. In each stimulus sequence, all of
the vowels were either lengthened or shortened from
their original recordings. Vowel duration manipulations were conducted in one of two ways. In the
unnatural manipulation, the four consecutive glottal
pulses of each syllable with the highest intensities
were identified. These glottal pulses were then either deleted, for unnatural shortened vowels, or doubled, for unnatural lengthened vowels. The syllables
resulting from this manipulation differed in both duration and overall intensity, making them distinct in
salience along two acoustic dimensions. In the natural manipulation, the duration tier in Praat [2] was
used to increase or decrease the overall duration of
the vowel portion of each syllable. Intensity was not
altered in this manipulation, and therefore the resulting natural-sounding syllables only differed from
each other in duration.
All short vowels and all long vowels had approximately the same duration, regardless of naturalness
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group mean and five had a mean score significantly
above the group mean. Excluding these participants
therefore eliminated the presence of floor or ceiling
effects. The remaining 15 participants had a mean
score of 0.38 with a standard deviation of 0.09. This
subset of the data is reported on below.
A mixed effects logistic regression model was run
to predict the mean scores. The fixed effects were
vowel duration, naturalness, and syllable spacing.
The random effect was participant. The results of
the regression model are in Table 2.

manipulation and segments. Native English speakers confirmed that the unnaturally-manipulated syllables were perceptibly digitized and that the
naturally-manipulated syllables sounded more like
natural speech.
Stimuli also differed in spacing, as a means to
control for effect of overall stimulus length; some
stimuli sequences were dispersed to last for a total
of about seven seconds, whereas the syllables in the
other sequences were more condensed, with shorter
periods of silence in between. For the condensed
sequences, a period of silence was added at the beginning, such that the syllables in all sequences were
aligned to the end of the recording, as shown in Table 1.
Filler sequences were made up of syllables with
the same vowel but different consonants (e..g, “ma
ka za ka za ma”). In the distractor sequences,
the syllables were presented as they were originally
recorded, with no acoustic manipulations.

Table 2: Mixed Effects Logistic Regression Results.

Factor
Vowel Duration
Naturalness
Spacing

P-value
0.063 .
0.045 *
0.163

Naturalness was the only factor that achieved statistical significance (p=0.045), though vowel duration was marginally significant (p=0.063). There
was no significant effect of stimulus spacing. The
mean scores are shown in Figure 1; differences in
stimulus spacing are collapsed here, as this factor
did not significantly impact the scores.

3.3. Procedure

The study was conducted in a sound-attenuated
booth. Stimulus sequences were presented auditorily on a laptop computer via PsychoPy [10]. The
stimuli were presented in four pseudo-randomized
blocks, and participants were permitted to take short
breaks between each of the blocks. In each trial, the
laptop screen was gray as each syllable sequence
played. The participants were instructed to repeat
the stimulus aloud when the screen turned blue,
1500ms after the end of the stimulus recording.
Responses were recorded and coded for accuracy.
Each stimulus received one point if it was repeated
accurately and zero points if any of the repeated syllables was incorrect. If fewer than six syllables were
produced in the response, zero points were awarded.
If more than six syllables were produced, the first
six syllables were scored for accuracy and all syllables beyond the sixth were ignored. In these cases,
the sequence received a point if the first six syllables produced matched the six syllables in the stimulus sequence; otherwise, the sequence received zero
points.

Figure 1: Mean scores by vowel duration and naturalness.

Figure 1 reveals that the natural stimuli were significantly easier to remember than the unnatural
stimuli. Though the effect of vowel duration did
not reach significance, the plot also shows that short
vowels were on the whole more easily remembered
than long vowels.

4. RESULTS
The mean score of all 24 participants was 0.39 out
of a possible mean of 1.0, with a standard deviation of 0.16. The mean scores of nine participants
were more than one standard deviation away from
this overall mean, and therefore the data from these
participants were removed. Of these removed participants, four had a mean score significantly below the

5. DISCUSSION
The results of this experiment show that naturalsounding stimuli were easier to remember than
unnatural-sounding stimuli. This finding adds an
important piece to the literature on the perception
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suggested in the literature, but only up to a certain
point. Past this ideal duration range, increasing the
duration of vowels may not result in higher recall.
Future work will determine whether this range of
optimal duration exists, and if so, past what threshold recall rates stop improving with vowel duration
increases.

of linguistic or natural versus non-linguistic or unnatural stimuli. As discussed above, it has been
shown that non-linguistic perception is more accurate than phonological processing in discrimination
tasks. The results here suggest that in a different
task, one that requires perceiving, remembering, and
repeating syllables, it is the more natural stimuli that
are remembered better. In other words, while nonlinguistic stimuli are easier to discriminate, stimuli
most similar to natural speech seem to be easier to
recall.
This finding not only sheds more light on the
question of linguistic versus non-linguistic processing, but also has implications for stimulus design in
psycholinguistic experiments. Sounds resembling
natural language are processed more easily than
those that sound digitally manipulated. Therefore,
studies making claims about the processing of natural speech should be designed to use stimuli that
resemble natural speech as closely as possible. If,
conversely, studies use non-linguistic or otherwise
non-natural stimuli, it may be the case that findings
from those studies do not perfectly extend to the processing of natural speech processing. Studies using
natural stimuli produce results that more closely approximate the perception of natural speech.
Though previous findings on recall of lengthened versus shortened vowels employed unnaturalsounding stimuli [1], the results of this study do
not suggest that those findings, or findings from any
study using audibly manipulated speech, are incorrect or wholly unreliable. In fact, the unexpected
result that shorter vowels were easier to remember
than longer vowels [1] was replicated in the present
study, even when naturalness was controlled.
Though the effect of vowel duration did not
achieve statistical significance, Figure 1 reveals a
trend in which short vowels are remembered more
accurately than long vowels. It is possible that
with a larger sample size than the one examined
here, this trend would have reached statistical significance. This pattern in the results of the present
study is in line with previous findings [1], but remains surprising. If the relatively long durations of
vowels is what makes them more salient, given the
assumption that salience predicts accuracy in ISR
tasks, then it should be the case that longer vowels are more salient and therefore more accurately
remembered. The fact that the results results show
the opposite trend suggests that there is not a linear
relationship between vowel duration and salience in
recall. Rather, it may be the case that there is an
acoustic ‘sweet spot,’ such that longer vowels are
more salient than shorter vowels, as has been widely

The notion of an acoustic sweet spot with respect to salience is logical. In addition to duration,
intensity has also been claimed to correlate with
salience, with louder sounds being easier to perceive
than quieter ones. However, it is easy to imagine
that past a certain intensity threshold, sounds are no
longer easier to perceive. In fact, a sound that is
too loud is probably more difficult to process than
one that is simply loud relative to its surrounding
sounds. Therefore, as this study reveals that the relationship between duration and salience may not
be linear, replicating previous findings, future research should investigate other acoustic properties
of speech sounds and their relationship to acoustic
salience.
6. CONCLUSION
This paper has presented the results of an ISR
study in which speakers were asked to recall sequences of CV syllables. The results show that
natural-sounding stimuli were easier to recall than
unnatural-sounding stimuli. Though not a statistically significant difference, shorter vowels trended
towards being easier to remember than longer vowels, replicating results from a previous study. Overall, the results imply that there is a meaningful difference in the processing of natural and unnatural
speech, such that natural stimuli have the advantage in recall. This finding also implies that stimuli should be designed to imitate natural speech in
order for experimental results to most accurately reflect speech processing. Finally, the tendency of
shorter vowels to be remembered more accurately
than longer vowels suggests that duration is not directly correlated with acoustic salience, but rather
that there may simply be a range within which segment duration is optimized for speech processing.
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NON-NATIVE SPEAKERS’ IDENTIFICATION OF
LEXICAL TONE CONTRASTS
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ABSTRACT
This study examined how native speakers of French,
a non-tone language with different lexical stress
properties, identified two Twi tones in a series of
monosyllabic lexically contrasting words. These
words were produced, first in isolation and second,
in a carrier sentence. Three experiments were
conducted. Experiment 1 tested identification of tone
contrasts by native speakers of Twi. Experiment 2
tested native French speakers’ identification of tones
presented in isolated context and Experiment 3
tested identification of tones presented in a carrier
sentence. Acoustic investigations reveal that pitch
difference is the determining factor in distinguishing
high and low tone contrasts in Twi. Results also
show that the identification rate of tones in an
isolation context was higher than the identification
rate of tones in a carrier sentence context. Findings
imply that linguistic experience with non-native
tones does not necessarily preclude tone
identification.
Keywords: lexical
identification.

tones,

non-native

speech

1. INTRODUCTION
Twi is a register tone language with a two-tone
system (high/low) and the downstep. The language
uses tone for lexical and grammatical distinctions.
There is a contrast between 2 pitch heights, and this
occurs in words where the assigned syllable pitch is
relatively higher or lower. All vowels (oral and
nasal) and syllabic consonants carry tones. It has
verbal tones (a class of low tone verbs and a class of
high tone verbs), nominal tones, adjectival tones,
adverbial tones and homotones. In the category of
homotones are words that exhibit the same tone
patterns but have different meanings [5, 6]. Where
there is verb serialisation involving 2 different stems
(i.e. verb+verb constructions) the 1st stem carries a
low tone [  ] and 2nd stem has a high tone [  ]. In
verb reduplication, the 2 stems carry low tones [1,
2].
There are two possible tone patterns in
monosyllabic words: High and Low. Register tone
patterns in disyllabic morphemes are HighHigh, High-Low, Low-High and Low-Low. Register
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tone patterns in trisyllabic morphemes are: LowLow-Low, Low-Low-High, Low-High-High and
High-High-High.
In terms of production, stress in French is
consistently marked by an increase in duration,
whereas F0 plays an important role in terms of
perception [7]. Empirical research has shown that
French listeners do rely on certain acoustic cues in
the rhythm of the language to segment speech [12].
How effective can these apply to the perception/
identification of Twi lexical tones?
Aim
This study reports observations and results obtained
in an experiment on the identification of two lexical
tone contrasts by non-native Tone Language
Speakers viz. French speakers.
1. F0 values of the target vowels in mono syllabic
morphemes were obtained in order to verify that
tone contrasts indeed rely on factors pertaining to
pitch.
2. F0 values were calculated for the two sets of tone
assignments.
3. Intensity values were calculated for the two sets
of tone assignments.
4. Durational values were taken for the two sets of
tone assignments.
5. Statistical analyses (ANOVAs) were carried out
on all measures obtained from the speaker (p≤0.01).
2. METHOD
Two adult male native speakers of Twi, with no
speech or hearing impairment, served as speakers.
The data consisted of acoustic productions of a
series of minimal pairs, containing high and low
tones in (a) isolation and (b) a carrier sentence, at a
self-selected conversational rate. The randomised
list of the stimuli in isolation was produced at least 5
times by each speaker
Material: The stimuli in isolation consisted of
monosyllabic lexically contrasting words differing in
pitch. Tonal distinctions in Twi are not category
limited so stimuli were not considered from the
same category i.e. (n) vs. (n), (v) vs. (v), (adj vs.
adj), etc.
1.  sleep (v), day (n)  vs. never (adv)
2.  tree (n)  vs.  plant (v)

3. life, existence (n)  vs. come (v)
4.  thigh (n)  vs.  beg (v).
All the stimuli, embedded in a carrier sentence,
 Say……to me, were also
produced 5 times by each speaker:



 
Acoustic data were recorded in an anechoic
room for one speaker after the preliminary training
session. By means of PRAAT sound editor,
Fundamental frequency (F0) and Intensity
measurements were taken for the tones in isolation
and for the tones in a carrier sentence. Durational
measurements of tones were also done for the:
a) target vowel
b) syllable CV
F0, Intensity and Duration are key because it is
widely known that a prominent syllable is marked
by variations in four acoustic cues: fundamental
frequency (pitch), amplitude (volume), duration
(length), and formant structure (a different timbre of
the vowel). Of the four cues F0 seems the most
important in terms of perception in French [7].
In the Twi language, like many tone languages
in E. Asia and Africa, there is also a one-to-one
association between tone and syllable i.e. each
monosyllabic word or morpheme is associated with
a tone [13]. A high tone is said to be distinguished
not only by acoustic features but also has to be
considered as a perceptual phenomenon. Therefore,
in defining it one must account not only for its
production but also for its perception by the
interlocutor [7]. How do non-tone language listeners
perceive the unfamiliar tonal distinctions of a lexical
tone language? Given that the amount of linguistic
experience in tonality use does not guarantee a
facilitating effect for the native listeners of a
different tone language, viz. Cantonese listeners of
Mandarin tones [10]. The core question of the
present study, therefore, was how Twi lexical tones
may be identified by listeners of a non-tone
language, French, in terms of isolated words and at
the sentence level.
Experimental Design
Three experiments were performed to find an answer
to the question. Experiment 1 tested identification of
lexical contrasts based on tones by native speakers
of Twi. Experiment 2 tested the identification of
lexical tone contrasts by native French speakers
presented in isolated context. Experiment 3 tested
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the French speakers’ identification of lexical tones
presented in a carrier sentence.
Experiment 1: Identification Test
This experiment sought to test native speaker lexical
tone identification of stimuli produced in isolation
and in a carrier sentence. Three Ghanaian female
students (ages 21, 22, 27: average age 23.3) were
recruited to accomplish the task.
Procedure: A subject listened to the test sound (3
times) with a PRAAT sound editor through
Sennheiser headphones, and decided, which of the
two meanings (choices) printed on an answer sheet
corresponded to the 1st word and which
corresponded to the 2nd word. They marked the
choice on the answer sheet accordingly. A five (5)
second interval was given after the stimuli to enable
the subjects to indicate their level of confidence (on
a scale ranging from 1-5). A short training session
consisting of 2 examples each of discrimination tests
in each category (isolation & carrier sentence)
preceded the test.
Results: The accuracy of lexical tone identification
of stimuli produced in isolation and in a carrier
sentence was displayed in this experiment. The high
(lexical) tone was heard as high tone 100% of the
time in the isolated context and 100% in the carrier
sentence context. The low (lexical) tone was heard
as a low tone 100% of the time in the isolated
context and 100% of the time in the carrier context.
With data provided by acoustic investigations, viz.
F0 on pitch difference, I could conveniently subject
the corpus to the listener identification process and
interrogation on high and low tone contrasts in
Experiments 2 and 3.
Experiment 2: The experiment tested French native
speakers’ identification of tones in a carrier
sentence. A total of thirty-one (31) third year
students (ages between 19 and 30 years: average age
21.3), at the time of the study, participated in the
lexical tone identification test. To best enable us
obtain answers to the questions, Purposive Sampling
was used in selecting the subjects. The students had
no previous exposure to the Twi Language and its
tonal structure.
Procedure: The stimuli were played in random order,
each repeating three times in immediate succession.
Each pair of stimuli was played with a bip sound
preceding each sequence. An answer sheet was
prepared on which, corresponding to each pair, there
were 2 boxes representing a high and a low tone.
The subjects' task was to identify the tone of each
target, marking the appropriate tone on the answer
sheet. They were given 5 seconds after each

repetition to indicate on the same sheet their level of
confidence on a scale, ranging from 1 (less
confident) to 5 (very confident). The process was
repeated four times in random order.
Experiment 3
This experiment was set to test speaker identification
of tones in a carrier sentence. The same number of
French native speakers, with no previous exposure
to Twi tones, took part in the experiment.
Procedure: The same stimuli was used but were
inserted in a carrier sentence.
Results: Experiment 2 and Experiment 3
Listeners’ response patterns, or performance rates of
stimuli discrimination, differ depending on whether
a target tone was produced in isolation or in a carrier
sentence context. When the context was in isolation,
the majority of the tokens were identified correctly
as having high or low tone (56.5%). When the
context was in a carrier sentence, the tokens were
identified correctly as having high or low tone
(48.8%). They have relatively low standard
deviations of 2.3% and 6.7% respectively. The
identification rate of the tones in an isolation context
was therefore higher than that of the tones in a
carrier context (Table 3). These results are in
agreement with similar results attested for Mandarin
[14].

3. RESULTS AND DISCUSSION
Table 1: Average F0, Intensity and Durational
values with standard deviations for stimuli
produced in isolation
Stimuli






Av
Sd
Av
Sd
Av
Sd
Av
Sd

L
F0
(Hz)

L
Int
(dβ)

L
Dur
(ms)

135
7
134
6
134
6
163
6

80
1
77
3
78
4
72
2

224
39
261
28
322
27
340
14

H
F0
(Hz)

172
17
180
4
174
8
183
12

H
Int
(dβ)

H
Dur
(ms)

87
0.5
82
4
81
4
77
2

269
10
309
20
353
31
406
17

For Experiment 1, the basic trend in the data, F0,
intensity and durational values and standard
deviations for the two sets of tone assignments are
presented in Table 1 and Table 2. Data were
obtained by averaging over the individual values of
those measurements for all five tokens of the word.
The overall data indicate that the most important
parameter for determining tone assignment

2784

contrasts, i.e. relative pitch, is highly significant
(p<0.001).
Table 2: Average F0, Intensity and Durational
values with standard deviations for stimuli
produced in a carrier sentence
Stimuli






Av
Sd
Av
Sd
Av
Sd
Av
Sd

L
F0
(Hz)

L
Int
(dβ)

L
Dur
(ms)

H
F0
(Hz)

H
Int
(dβ)

H
Dur
(ms)

135
19
118
12
127
3
119
9

71
2
68
2
71
1
67
1

236
26
239
7
305
22
281
20

157
23
139
13
150
13
183
9

76
2
74
2
75
2
72
2

254
41
329
23
376
5
327
36

Table 3 below illustrates the general tendency of
the results i.e. the success rate of identification of the
two lexical tones by the individual speakers, in
isolated word and carrier sentence contexts. It also
shows their level of confidence and the standard
deviations for each contrast.
The majority of the tokens were identified
correctly as having high or low tone (56.5%) when
presented in isolation (low speaking rate) but as
having high or low tone (48.8%) in the carrier
sentence context (high speaking rate). The results
seem to lend credence to the claim that whether a
particular tone in a language is inherently dynamic
or composed of static elements can be seen more
distinctly only when speaking rate is slowed down
so that there is sufficient time for the underlying
targets(s) to be fully implemented [13]. In other
words, in this study, identification rate of tones in an
isolation context was higher than the identification
rate of tones in a carrier sentence because speaking
rate is slowed down in an isolation context.
According to the average figures, the level of
confidence displayed by the listeners in Table 3 is
higher in the isolated context than the carrier
sentence context. It can also be observed that the
difference between the level of confidence indicated
by the listeners and the final result obtained is
practically identical in the two contexts. The
difference is 33.8% in the isolated word context and
32.8% in the carrier sentence context.
However, intra syllabic comparison of stimuli
reveals that listeners’ performance rate is not the
same for the stimuli in isolation and the stimuli in a
carrier sentence. In fact, the performance rate is
lower for and  compared to  and when
they appear in a carrier sentence.

On the other hand, when tokens are presented to
the listeners in isolation the performance rate is
higher for and compared to that of  and
.
The general tendency is that the syllabic
durational values of tones produced in a carrier
sentence are less than the syllabic durational values
produced in isolation. This could be due to the
difference in speaking rate between the two
conditions i.e. a slower speaking rate for stimuli
produced in isolation (Tables 1 & 2). There is a high
percentage (88%) of data on absolute durational
values confirming the hypothesis that tones
produced in a carrier sentence would be shorter in
duration than those produced in isolation indicating
a difference in speaking rate.
Table 3: This table shows the subjects’ response
patterns of identification: lexical tone contrasts in
isolation and in carrier sentence contexts

Av
StDv

Age

Isolated
Word
%

Level of
Confid
%

Carrier
Sentence
%

Level of
Confid
%

30
20
20
21
21
21
23
20
21
21
21
22
21
20
23
19
20
20
20
22
19
20
23
22
22
21
24
20
21
23
20
21.3
2

61.9
52.4
57.1
57.1
57.1
57.1
57.1
52.4
57.1
57.1
57.1
57.1
52.4
57.1
57.1
57.1
57.1
57.1
57.1
52.4
57.1
57.1
61.9
57.1
52.4
57.1
57.1
57.1
52.4
57.1
57.1
56.5
2.3

83.6
96.2
93.3
83.8
75.2
89.5
100
100
96.2
96.2
95.2
83.8
94.3
89.5
94.3
89.5
83.8
94.2
96.2
90.9
89.5
75.2
100
94.2
94.3
83.8
96.2
75.2
83.8
95.2
83.8
90.2
7.1

47.6
47.6
57.1
57.1
57.1
47.6
38.1
52.4
47.6
38.1
57.1
57.1
47.6
38.1
52.4
47.6
38.1
52.4
52.4
38.1
52.4
47.6
38.1
47.6
38.1
57.1
52.4
47.6
57.1
52.4
47.6
48.8
6.7

66.4
83.6
95.2
57.1
56.2
75.2
97.1
100
78.1
80.1
91
96.2
98.1
92.4
83.6
79
76.2
82.9
84.4
83.6
91
57.1
97.1
82.9
83.6
75.2
83.6
57.1
79
83.6
84.4
81.6
12.2
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4. CONCLUSIONS
This investigation has shown, on the basis of the
selected corpus and evidence from our acoustic data
that pitch difference (F0) is indeed one of the key
determining factors in distinguishing high and low
tone contrasts in Twi.
The identification test undertaken to verify pitch
contrast for the two phonological classes, reveals
that tone differences really determine lexical
contrasts.
French subjects ‘succeed’ in identifying Twi
lexical contrasts based on tones when tones are
produced in isolation at a performance rate of 57%
and when tones are produced in carrier sentences at
a rate of 49%, for monosyllabic words. This could
be explained by the fact that speaking rate is slowed
down (in isolation) and there is sufficient time for
elements to be seen more distinctly.
Intra syllabic phonemic comparison, suggests
that performance rate is not the same for stimuli
produced in isolation and stimuli produced in a
carrier sentence.
Durational values of tones produced in isolation
are generally greater than those produced in a carrier
sentence due to the difference in speaking rate
between the two conditions.
Further investigations will focus on identification
performances for polysyllabic (disyllabic, etc.) tone
contrasts with data based on more native French
listeners.
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ABSTRACT
Longitudinal data provide a unique opportunity to
address questions around language change, and
speaker/listener behaviour. Processing behaviour is
considered subject to change over time, but it
remains an open question as to over what time
period incremental changes might occur. This study
compares responses to a forced-choice listening test
over three x three-year increments (2012, 2015,
2018), from a set of the same ten mainstream
Australian English listeners. The listeners are from a
small town (Warrnambool, Australia), where
crucially, a distinction between /el/-/æl/ is lost for
many. Here we focus on the contrasts between /ɪ e
æ/ in /hVt/ and /CVL/ environments. Despite our
predictions, overall results show that the increments,
which span six years in total, are too small for any
changes to arise. This study contributes to our
understanding of longitudinal processing behaviour,
showing overall consistency across 2012-2018, even
in the context of a merger in-progress.
Keywords: perception, longitudinal, vowels, vowel
categorisation, Australian English.
1. INTRODUCTION
It is well attested that human speech behaviour
within an individual is relatively consistent. Overall
consistency is shown, for example, across noncontemporaneous recordings in forensic research,
see e.g. the review in [15] which shows relative
stability over non-contemporaneous recordings.
While this is the case, it is also true that gradual
shifts occur in production, which has been shown
most famously in the analysis of the Queen's annual
Christmas broadcasts, described in [5;6]. In sound
change research, it has been noted that
"[i]ncremental sound change due to mutual imitation
is … predicted by exemplar models of speech … in
which phonological categories are modelled as
statistical
abstractions
across
remembered
exemplars" [5:416]. Such a theory also predicts
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changes in processing because remembered
exemplars should be gradually evolving and
updating over time, which can only occur via
perception, as listeners interact with different
speakers on a daily basis. While processing
behaviour is considered subject to incremental
change in this way, it remains an open question over
what time scales such changes might occur.
2. BACKGROUND
2.1 Processing variability

Processing studies which compare how listeners
respond on non-contemporaneous occasions are rare.
Where the same listeners are tested more than once,
the research tends not to be on "typical" populations,
but rather focused on developmental, maturation,
and learning-based changes which are likely to occur
due to the special conditions of the listener
populations [e.g. 13]. One study in which
longitudinal listener data were analysed amongst a
typical (highly mobile) population was carried out in
the UK [4]. This study tested whether people who
had moved dialect areas for reasons of study would
show production or perception changes over time.
Participants were tested at various increments across
their university experience (spanning just over two
years). Crucially, incremental accent changes were
observed in production, but in this particular time
period perceptual changes were not observed.
For Australian English, there has been relatively
little longitudinal research into processing
behaviour. One important study, however, has
analysed vowel categorisation behaviour across a
16-year time span (1998 - 2004) [10]. That study
focused on different listener populations and so was
not longitudinal in the same sense as the current
study (a panel study, which tracks exactly the same
participants over time). However, [10] still showed a
shift in perceptual boundaries across this period,
linked to diachronic production shifts in the
community (see 2.2).
The amount of variation in a listener's
environment is known to affect their responses to
processing tasks. In noting how "mobile" listeners

react to speech processing tasks, Clopper [2:71]
states "individuals with exposure to relatively little
sociolinguistic variation … have relatively less
variable distributions of phonological … exemplars,
whereas individuals with exposure to more
sociolinguistic variation … have more variable
distributions". In the current study, "non-mobile"
listeners from a small town (see details in 3.1),
should have relatively invariable distributions with
variation largely be limited to what they hear in their
immediate community.
2.2 Variability in Australian English

Sound changes have been described as "nature's
speech perception experiment" [12]. While
Australian English has been described as relatively
uniform, there are some important changes occurring
in phonological categories and boundaries, meaning
that listeners receive variable input; lax front vowels
have been raised "to a peak" and have subsequently
lowered and retracted in a relatively short time span
[3]. Likely connected to this is a regionally defined
merger where /el/ -> /æl/ for some [1, 8, 9]. This
occurs in the state of Victoria, in the south-east of
Australia, and is found in the southern-most
communities in that state including the regional
town of Warrnambool where the present study is
focused [8,9].
Conditions in which where some sounds are in
flux and some are merging afford a perfect
opportunity to investigate whether incremental
changes in perception can be tracked in individuals
and their community. That is, listeners encounter
wide variation when processing speech from various
talkers in the community, hearing some (typically
older speakers) who use more compressed vowel
spaces and some who merge /el/->/æl/. As will be
described in 3.1, the participants are relatively stable
monolingual Australian English listeners, so by
keeping mobility at a constant, if incremental
changes were to be observed across the chosen time
points (see 2.3), then we may expect to find them
under these conditions.
2.3 Aims and Research Questions

The aim of this research is to analyse longitudinal
listening behaviour in a small town in Australia, via
a panel study. Reactions to a forced-choice vowel
categorisation task over 3 x 3-year increments
(2012, 2015, 2018) are analysed. We know that two
years is likely insufficient time to show longitudinal
changes in processing behaviour [i.e. 4], while 16
years is ample time [e.g. 10, which used different
listener populations]. Three- and six-year time spans
as studied here should shed further light on when
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changes in linguistic processing might occur over
time. Research questions are:
1. Are listeners consistent in their responses when
performing a listening task more than once?
2. Is there gradual (rather than abrupt) category
change in processing behaviour for listeners across
the following increments: 2012-2015, 2015-2018
and across the entire time span of 2012-2018?
Predictions are that incremental changes may be
evident in the merger context, at least between the
first and third exposure to the task which spans six
years. In general, the study will contribute to our
understanding of longitudinal behaviour in
processing, of which very little is known, in a
community where sound change is expected.
3. METHOD
3.1. Listeners

Participants are ten monolingual Australian English
listeners who at the time of the first data collection
(2012) had lived all of their lives in Warrnambool
(approximately 3 hours from the state capital,
Melbourne, by road). Warrnambool is a small
community of approximately 35,000 people in the
south-west of the state of Victoria. In 2012, 15
listeners took part in the study, but only 10 took part
in 2015. This same set of ten participants also took
part in the third data collection in 2018. Information
about the participants is shown in Table 1 below
which gives the participant's code, shows whether
they were male or female, and also shows their age
at the first participation in 2012, as well as their age
category ("Y" for younger and "O" for older).
Table 1: participant information (ID, Sex, Age).

Participant
ID

Sex

WN01_2012
WN04_2012
WN08_2012
WN09_2012
WN11_2012
WN12_2012
WN13_2012
WN14_2012
WN15_2012
WN16_2012

F
M
F
M
F
M
F
M
M
F

Age category
and age in
2012
Y (29)
Y (23)
Y (28)
Y (31)
O (65)
O (67)
O (56)
Y (36)
O (73)
O (75)

A natural split is observable in age, with the young
listeners aged 23-36 in 2012, and older listeners

aged between 56-75. There is also an even split
between male and female listeners. Of these ten
listeners, only one (the youngest, WN04) later
moved away from Warrnambool, but remained in
the study. By 2015 he had moved to a town an hour
and 20 minutes away by road for work (Portland),
and in 2018 he lived in a Melbourne suburb (Point
Cook). He was not excluded from the study because
merger occurs in all these regions, but he has been
exposed to more variability than other participants.
3.2. Task

Listeners took part in a categorisation task on three
occasions separated by three years. The vowel
categorisation task is a forced-choice identification
task, presented on an iPad using a custom app
designed specifically by the first author [e.g. 8]. The
items were created using real word tokens produced
by a 40-year-old female speaker from north-east
Australia for whom no merger is present. The
contrast pairs consisted of real words, and
equidistant continua were produced using Akustyk
in Praat [8]. The items analysed in this study are
designed to focus on the highly variable and
changing /ɪ/-/e/ and /e/-/æ/ contrasts [e.g. 3,10], in
various phonetic contexts. Here we analyse hill-hell,
hit-het, mill-Mel, and hell-Hal, het-hat and Mel-Mal.
Using hill-hell as an example, we took a
naturally produced hill as Step 1, a naturally
produced hell as Step 7, and five synthetic tokens
were created in between (equidistant in F1, F2, F3),
resulting in a 7-step continuum. At random, listeners
heard each item four times, and the orthographic
representations were presented twice on the left, and
twice on the right. Here, we present on 168 trials per
listener, per year. All listeners completed all of the
trials, giving 504 responses for each individual. The
experiment was conducted under fieldwork
conditions; across all trials, listeners were visited at
home by the first author. Shure SRH840 Reference
Studio headphones were used, and experimental
volume was kept constant. Hearing difficulties were
not reported, but this was not independently tested.
4.

RESULTS

4.1. Community (group) results

Response curves for each continuum, fit using
logistic functions in the quickpsy [7] package for R
[13], are shown for /ɪ/-/e/ in Figure 1, and /e/-/æ/ in
Figure 2. Years 2012, 2015, 2018 are all overlaid on
the same image for ease of comparison. In the
figures below, the stimuli are arranged from left-toright for three phonological conditions, i.e. in Figure
1 for hill-hell, hit-het, and mill-Mel. The group
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proportion of responses is on the y-axis, and the
steps for each of the three curves are shown on the
x-axis. Curves indicate responses to the left-most
item; Step 1 is always the left-most item in the
contrast pair, while Step 7 is right-most (Steps 2-6
are the synthesised tokens). For example, for the
hill-hell curve, 100% of listeners responded that they
heard hill at Step 1, and this gradually declines until
the crossover (around Step 5), where a majority of
response are now for hell. By Step 7, almost, but not
all, listeners heard hell. Comparing curves on the
same plots, the crossbars represent 95% CIs and are
used to assess differences between groups (in this
case, years). Where the crossbars touch, there are no
statistically significant differences between them. If
they do not touch, statistically significant differences
exist. While the images are relatively small, Figure 1
shows that the main finding is in fact similarity
across the years, with no significant differences in
any crossovers for /ɪ/-/e/.
Figure 1: Response curves for the /ɪ/-/e/ contrast
across 2012 (red), 2015 (green), 2018 (blue).

Comparing across the three time points, the ten
listeners respond in essentially the same way in
2012, in 2015, and in 2018. For each contrast pair,
the majority of listeners in the majority of cases
chose the intended response (most Step 1 responses
have 100% agreement). However, there is some
disagreement for hell and het at Step 7. Mel on the
other hand, is almost always heard as Mel.
Figure 2 shows a similar pattern of behaviour,
with no significant differences in the hell-Hal or
Mel-Mal contexts. However, somewhat surprisingly,
the het-hat contrast has a significant difference for
the middle year (2015), with the curve shifted
significantly to the right (overall, more het
responses) whereas 2012 and 2018 pattern together
and are not significantly different. This warrants
further analysis and will be addressed in Section 4.2.
These particular items were designed to test listener
responses to the merger, and merger behaviour is
clearly evident when we focus on the hell-Hal curve,
with listeners not reaching 100% agreement for Step

1, and only around 75% at Step 7 (i.e. a quarter of
responses were Hal when hell was presented). There
is also variability in the crossover points for hellHal, but this does not reach significance. Results for
Mel-Mal show 25% "incorrect" responses at either
end, indicating this contrast presents greater
confusability. Remarkably though, listeners are
extremely consistent across all years for this pair.
Figure 2: Response curves for the /e/-/æ/ contrast
across 2012 (red), 2015 (green), 2018 (blue).

have been considered in any way "mobile", which
this may well explain this result. WN11, who is an
older listener, had more het responses in 2015, but
still clearly switches to hat by Step 6. This particular
individual reported working as a volunteer in a
tourist organisation, and so is exposed to multiple
talkers from various backgrounds, which may
explain the change from 2012 to 2015 for this
listener [2]. There are some other minor variations
for individuals (WN09, WN14, WN16) but they are
limited, and in differing directions, not affecting
overall group behaviour, as seen in Figure 2.
5.

4.2. Individual differences

It is useful to look to individual listener behaviour to
explain the 2015 het-hat result in Figure 2. The 30
bar graphs below (Fig. 3) show results for all ten
individuals on the x-axis, with proportions of
responses to het-hat in individual bars on the y-axis
(where the bar is one colour, the listener always
chose the same item). For each year and listener
there are three bar graph images (2012, 2015, 2018).
Figure 3: Bar graphs for individual listeners:
het (aqua) hat (red) in 2012, 2015, 2018.

It is clear from this figure that WN04 and WN11 act
differently in 2015, whereas the other listeners are
effectively consistent. In 2012 and 2018, WN04 has
a majority of hat responses by Step 7, whereas in
2015 he had a majority of het responses. WN04 was
the youngest listener, and the only one that could
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DISCUSSION AND CONCLUSION

The study showed that listeners are, for the most
part, consistent when performing a listening task
more than once (RQ1). With respect to whether
there are observable category shifts over time in
processing behaviour (RQ2), no differences were
observed. Contrary to the prediction of at least
gradual change over time for the merger context, the
present study showed that no cross-group changes in
response patterns across increments of three or six
years; these primarily "non-mobile" listeners in fact
behave remarkably similarly when repeating the
same task. As shown in [10] a 16-year time span can
be enough to show category shifts. In this current
study, small individual differences were observed
and discussed (4.2) but these are not consistent. It is,
of course, possible that clear changes in behaviour
might become evident in another three or six years.
Crucially, the study shows that listener
behaviour is more consistent than inconsistent; when
listeners are exposed to a task once, they tend to act
similarly when exposed again (and again), even with
a merger-in-progress and variable vowel productions
in their community. While three years is a relatively
long time between the repeated exposures to the
listening experiment, it is also possible that
individuals learnt to perform the task in one way in
2012, and then used this same strategy at later times.
While these findings are useful in and of
themselves for understanding processing behaviour,
further research will also compare results with those
from a new sample of listeners from the same region
who had never been exposed to the task previously
(collected in 2018). This will be an important
comparison, to understand whether there is indeed
consistency in processing behaviour in the
longitudinal data. Future research will also analyse
response times. We might predict faster responses in
2015 and 2018, although perhaps three-year
increments might mean older participants slow down
in their responses, especially given the oldest
participant was 81 in 2018.
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ABSTRACT
This paper investigated how the Zaiwa language
speakers perceive Mandarin tones. Therefore, identification and discrimination experiments were conducted
of the four Mandarin tone continua with Zaiwa Language speakers. The results suggest that Zaiwa speakers cannot establish a categorical perception of T2-T3
and T3-T4(T4) continua, but for other continua is categorical. Further analysis indicates that phonation information and F0 of the tone system in Zaiwa language
both have a significant influence on the perception of
Mandarin tones.
Keywords: Mandarin tones, categorical perception,
Zaiwa language, phonation, language experience
1. INTRODUCTION
Categorical perception (CP) has been one of the most
extensively studied phenomena in speech perception
for many years because it is believed to reflect some
fundamental aspects of how speech is processed [1].
Since 1970s, more and more attention has been put to
the suprasegmental features of speech, especially the
tone. Mandarin has four lexical tones which can be described phonetically as a high level tone (T1), a high
rising tone (T2), a low-falling-rising tone (T3) and a
high falling tone (T4). The value of the four tones is
described as 55, 35, 214 and 51 on Chao’s five-point
scale [2], with 1 indicating the lowest F0 level and 5
the highest. Though not without controversy, the consensus opinion has been that the continua between T1T2, T1-T3, T2-T4 and T1-T4 are perceived categorically by native speakers, while the continuum between
T2-T3 is not, as it is difficult to find an accuracy peak
at the category boundary [3,4,5,6].
Similar CP research has been conducted on second
language (L2) tone perception. According to the perceptual assimilation model (PAM) [7] and speech
learning model (SLM) [8, 9], different inventories of
tones influence L2 tone perception, and it largely depends on differences between the L1 and L2 tone systems [10,11,16]. However, there has been a lack of
study on whether and how different tone inventories
affect tone perception in the framework of CP. There
are many tonal languages and dialects used within
China, and the tone systems and phonation types of
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some minority languages are even more complex than
Mandarin. Therefore, how do tonal language speakers
perceive Mandarin in the context of Mandarin popularization?
Thus, in this paper we chose to study Zaiwa speakers
in the Dehong Autonomous Prefecture in regard to
their perception of Mandarin tones and the influence
of their mother tongue in the framework of CP. (Zaiwa
– also known as Atsi – is a Burmese language spoken
in parts of China and Burma.) Zaiwa’s tonal system is
unique for its phonation information, which is
matched with tones to distinguish lexical meanings together. The previous acoustic experiment revealed that
Zaiwa language contains six monosyllabic tones – two
level tones, one rising tone and three falling tones –
and their values are 55, 44, 35, 51, 31 and 21. The high
rising tone (35) must be combined with vowels of
modal voice, while other tones can be combined with
vowels either of pressed and modal voice [12].
Regarding to the F0 aspect, high falling (51), high
level (55) and high rising (35) tones exist in both Mandarin and Zaiwa language. In contrast, the Mandarin
low-falling-rising tone (214) and the Zaiwa low falling
tone (31&21) appear to lack acoustic equivalents in
the other language. Regarding to the phonation aspect,
Although the phonation information of Mandarin
tones does not distinguish lexical meanings, it also
changes with the tones. Kong [13] indicated that the
most notable phonation characteristic was the irregular
glottal periods (creaky voice) found at the middle of
the low-falling-rising tone, which is similar to the
vowels of pressed voice in the Zaiwa language. The
previous study found that both F0 and phonation contribute to the native speaker’s perception of Zaiwa
tones, but to varying degrees in different environments,
and the lack of phonation will lead to the “F0 neutral
perception” phenomenon [12].
According to the comparison of the two tonal systems
and the previous study, we assumed that the Zaiwa
speakers may have difficulty in establishing a CP of
Mandarin’s low-falling-rising tone and high rising
tone. Moreover, the phonation type in Zaiwa may also
have a significant influence on their perception of
Mandarin tones.

2.4. Data analysis

2. EXPERIMENT
2.1. Subjects

Twenty-eight native Zaiwa language speakers (ZL)
participated in our experiment. The participants – 14
men and 14 women – were all from Huyu village, Ruili
County, Dehong Autonomous Prefecture. Their ages
range from 18-48, and at least received a primary education.
2.2. Stimuli

The stimuli were derived from the Mandarin syllable
/da/ with four Mandarin tones (T1: da1, “take”; T2:
da2, “reach”; T3: da3, “hit”; T4: da4, “big”) and pronounced by a female native speaker. Four naturally
produced /da/ syllables were normalized to a duration
of 500 ms. Using Praat software, tone continua were
manipulated from each of the four /da/ syllables to the
other one. Take T1-T2 for example, 11 pitch points of
F0 were extracted from “da1” and “da2” to plot their
pitch contour. Then nine pitch contours were computed between the two syllables’ original F0 contour
by dragging the 11 pitch points equidistantly. Since the
phonation cues also have an influence on CP, “da1”
and “da2,” were used respectively as the original synthetic sample. Therefore, there were two continuum
subgroups with the same change of F0 parameters but
different phonation information in each group. Finally,
11 steps of stimuli in each of the 12 pairs of tone continuum were synthesized into new sound files in Praat.
The pitch range of T1-T2 is from 172.72 Hz to 297.58
Hz, T1-T3 is from 126.65 Hz to 294.91 Hz, T1-T4 is
from 102.58 Hz to 316.92 Hz, T2-T3 is from 111.99
Hz to 297.58 Hz, T2-T4 is from 122.08 Hz to 302.5
Hz, T3-T4 is from 113.49 Hz to 303.89 Hz。
2.3. Procedure

In the identification task, participants listened to stimuli from the 12 continua in random order. The 11 stimuli of each continuum were repeated two times in the
whole identification session, forming a total of 132 trials. During each trial, there were two Chinese characters on the screen of the computer, and participants
were instructed to choose which character they heard.
In the discrimination task, stimuli were presented in
pairs with a 500-ms inter stimulus interval. A total of
324 pairs were presented in random order. Of these
pairs, 216 consisted of two different stimuli separated
by two steps. The remaining 108 pairs contained one
of the middle nine stimuli of the continuum paired
with itself. After hearing each pair, participants were
instructed to judge whether the stimuli were the same
or different.
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We obtained results from each subject based on the
two essential characteristics of CP: 1) sharp category
boundary; 2) corresponding discrimination peak to the
category boundary [1,4,5,14,15,16]. The identification
score was defined as the percentage of responses with
which participants identified that stimulus as being either ‘Sound1’ or ‘Sound2’. Then the boundary position and boundary sharpness were measured by applying logistic regression analysis as Xu et al. [1]. To obtain the discrimination scores for each pair, we also
used the formula described by Xu et al. [1] and then
Repeated Measure ANOVA was applied as Yu [5] to
determine whether the discrimination curve of each
group has a significant peak. We used Excel 2010,
IBM SPSS Statistics 20.0 and The R Project for Statistical Computing for our data analysis.
3. RESULTS
The category boundary position and width obtained by
probit analysis of the 12 groups were presented in Table 1. Smaller width indicates sharper category boundary [1,4,5,14,15,16]. Repeated Measure ANOVA
showed that results of the subgroups based on the same
change of F0 parameters but different phonation information in T2-T3, T2-T4 and T3-T4 groups were significant differently(p<0.05), whereas in other groups
were not (p>0.05). Therefore, we merged the data of
each two subgroups in T1-T2, T1-T3 and T1-T4 together. Moreover, the boundary width of the subgroups in T2-T3 varies significantly(p<0.001). Besides, Repeated Measure ANOVA also showed that
significant discrimination peak corresponding to the
identification boundary can be found in the perception
results of T1-T2, T1-T3, T1-T4, T2-T4 and T3-T4(T3)
continua, but not in the T2-T3 (T2), T2-T3 (T3) and
T3-T4(T4) continua.
Table 1: Categorical boundary position, width of identification task and discrimination peak

Group
T1-T2
T1-T3
T1-T4
T2-T3(T2)
T2-T3(T3)
T2-T4(T2)
T2-T4(T4)
T3-T4(T3)
T3-T4(T4)

Position
5.01
5.11
4.36
6.96
6.28
6.36
6.84
5.57
6.72

Width
2.92
2.82
1.93
2.74
14.83
1.67
1.67
1.93
1.91

Peak
significant
significant
significant
none
none
significant
significant
significant
None

4. DISCUSSION
4.1. Zaiwa speakers’ perception modes of Mandarin
tones.

According to the figures and data, it can be said that
the identification curve is very sharp with a boundary
width between 0-2 and relatively sharp between 2-4.
These two types of identification results can both indicate a clear identification of the tone category of each
tone continuum at the linguistic level in this study.
However, a boundary width larger than 4 indicates it
was difficult for the participants to discriminate the
tone continua into two categories. Therefore, the data
indicates that the Zaiwa speakers in our study could
not distinguish the T2-T3 (T3) continua. For the assessment of the discrimination peak, discrimination
peaks are not found in the discrimination curves of T2T3 (T2), T2-T3 (T3) and T3-T4(T4) continua by the
statistical method, but can be found in other continua,
although the peak types and significance are slightly
different. In general, at the behavioural level, the
Zaiwa speakers perceived T2-T3 (T2), T2-T3(T3), T3T4(T4) continua continuously and other tone continua
categorically.
4.2. In terms of CP, how does the Zaiwa tone system affect tone perception of Mandarin?

The outcomes of this study align with previous findings and our hypothesis that Zaiwa speakers do have
difficulty in establishing CP of T2-T3 continuum because of their similarity in some conditions. Interestingly, results of the repeated measures ANOVA
showed that continuum subgroups based on the same
change of F0 parameters – but with different phonation information in the T2-T3 continuum – were perceived significantly differently(p<0.001). As we already controlled all the variables and only changed the
F0 when synthetizing the stimuli, so the result of this
differences also align with previous findings and our
hypothesis that the phonation type in Zaiwa do have a
significant influence on their perception of Mandarin
tones. As reviewed earlier, the creaky voice in Mandarin T3 is similar to the pressed voice of vowels in
Zaiwa language’s high level tones (55 & 44). In addition, there is only one rising tone (35) in their perceived space and must be combined with vowels of
modal voice. Thus, when the original synthesized
sample was Mandarin T2 with modal voice, the Zaiwa
speakers could clearly identify it as its F0 and phonation information are both similar to Zaiwa high rising
tone (35), and it was discriminated from Mandarin T3,
which lacks a counterpart in the Zaiwa tonal system
clearly. Conversely, if the continua were synthesized
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by Mandarin T3 with pressed voice-although the tone
changed from 214 to 35-the phonation information
was still pressed, and this made it difficult for the
Zaiwa speakers to identify a pressed high rising tone
from a low-falling-rising tone. Findings are consistent
with the perception study of Zaiwa tone perception
[12], which suggest that the phonation and F0 should
be both considered crucial cues for tone perception in
terms of CP.
5. CONCLUSIONS
The current study investigated how Zaiwa speakers
perceived the four Mandarin tones in terms of CP by
conducting identification and discrimination experiments. The results suggest that the Zaiwa speakers
could not establish typical CP of T2-T3 and T3-T4(T4)
continua, but for other continua is categorical. Further
analysis indicated that phonation information and the
F0 of the tone system in Zaiwa both have a significant
influence on the perception of Mandarin tones.
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ABSTRACT
In Tokyo Japanese, high vowels can be devoiced
typically between voiceless elements. According to
the classic view, devoiced vowels are not phonemes
but
allophones
of corresponding vowels.
Consequently, the devoicing process belongs to the
phonetic domain. However, many scholars have
claimed that devoicing actually belongs to the
phonological process, and some of them have even
proposed that devoicing may partly be specified in
the lexicon. To investigate the lexical status of
vowel devoicing, we conducted a lexical decision
task of natural and edited mismatched stimuli where
high vowels were devoiced before voiced
consonants or voiced before voiceless consonants in
real words and nonce words. Reaction time (RT) for
the stimulus was measured. The results suggest that
the mismatch condition affected RT selectively
according to real/nonce status of words and voicing.
Though the idea of lexically specified devoicing is
not directly supported, we can provide new insights
into the issue of phonetics-phonology-lexicon
interface.
Keywords: Japanese, vowel devoicing, lexicon,
mismatch sound
1. INTRODUCTION AND BACKGROUND
In the present report, we investigate the lexical status
of vowel devoicing in Tokyo Japanese. As numerous
previous studies have pointed out, high vowels [i,u]
that are surrounded by voiceless elements tend to be
devoiced in many Japanese dialects (including
Tokyo dialect). Broadly, two types of explanations
have been proposed for the mechanism of vowel
devoicing.
The first type is a phonetic account where a voiced
segment surrounded by voiceless elements loses
vocal vibration because the surrounding voiceless
elements require the glottal adduction gesture [3]. In
other words, vowel devoicing (hereafter devoicing)
is the result of phonetic gestural overlapping, which
belongs to a phonetic process, not a phonological
process. This account leads to the claim that
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devoicing specification may not be a part of an entry
in the mental lexicon.
The second type asserts that devoicing occurs at an
abstract, phonological domain [6]. In this account,
the status of the vowel had changed before its
articulation began, and speakers decided in advance
to produce a given vowel as devoiced. Some
scholars have reported that devoiceable vowels
before the boundary may not be devoiced. For
example, in a compound /oshi#tsukeru/ (‘push' +
'against’), /i/ before the boundary and the /u/ in /shi/
can be devoiceable because both vowels are
surrounded by the voiceless consonants. However,
Vance [7] reported that in the two devoiceable
vowels cited above, only /u/ could be devoiced. He
suggested that the word boundary affects the
devoicing of the preceding vowel. It is clear that
word compounding belongs to a lexical process.
How can the postlexical process affect the lexical
process? This boundary affection and some other
findings suggest that devoicing items are an entry in
the lexicon.
To explore the lexical status of the devoicing
vowel, a lexical decision task of natural and edited
mismatched stimuli was conducted. The mismatched
stimuli had devoiced high vowels before voiced
consonant or voiced high vowels before voiceless
consonant. The aim of this experiment is to test the
following predictions: (1) if devoiced vowels are the
entries of the lexicon, reaction time (RT) for
mismatched stimuli may be longer than that for
natural stimuli in the real word condition, and (2)
because nonce words are considered not to be in the
lexicon, the RT for mismatched stimuli and natural
stimuli might show approximately the same value.
2. PRE-EXPERIMENT
2.1. Pre-experiment
To check the naturalness of the stimulus, a preexperiment was carried out.
Participants: Five university students participated
in the pre-experiment. All the participants were born
and had grown up in Tokyo or its suburbs and
studied in a university in the Tokyo area at the time

of the experiment. No hearing disorder was reported.
The students participated only in this experiment.
Materials: Five pairs of words listed below.
/hutoo/ (‘wharf’) - /hudoo/ (‘stability’)
/suki/ (‘gap’) - /sugi/ (‘cedar’)
/kikoo/ (‘climate’) - /kigoo/ (‘sign’)
/supaisu/ (‘spice’) - /suraisu/ (‘slice’)
/huku/ (‘fortune’) - /hugu/ (‘puffer fish’).
The first word of each pair contains a devoicing
context at the first mora (underlined vowel is
devoiceable). The second word only differs in a
voiced consonant at the beginning of the second
mora. As a result, devoicing of the first vowel does
not naturally occur in the second words. All other
features, including word length and pitch accent, are
the same between pairs. To control word familiarity,
each pair has almost the same frequency in the
Japanese corpus (Balanced Corpus of Contemporary
Written Japanese [BCCWJ]) [1]. We gave priority to
the familiarity of the word over other features, so the
pairs have unbalanced environments such as vowel
type (four out of five are /u/) and different phonemic
levels (only one pair is not homorganic). To avoid
the influence of these unbalanced environments, we
selected the stimuli as the random factor in our
statistic model. See details in 3.2.3.
Utterances of these words were produced by a
Japanese female who was 21 years old at the time of
recording and who was born and had grown up in
Tokyo. She did not know the intent of this study and
did not join the following experiments. All
devoiceable vowels in her utterances were devoiced.
Using the splicing method, the first mora of the
first word in each pair was exchanged with the first
mora of the second word to make the mismatched
stimuli. That is, the stimuli originally recorded with
a fully voiced vowel was changed to a voiceless
vowel and vice versa.
Procedure: A pair of words written in Japanese
orthography on a computer screen presented by
Praat (ver.6.0.40) [2]. Natural stimuli and
mismatched stimuli were presented three times in a
random order. Participants were asked to indicate
which word they had heard using the mouse. If they
wanted, they could hear the stimulus again (three
times maximum).
2.2. Results
Based on the judgement for the second mora, we
computed the accuracy of the response. The mean
accuracy was as follows.
Figure 1: Accuracy of pre-experiment
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No significant difference between original and
mismatched stimuli was observed in Fisher’s test
(voiced p=0.245, n.s., voiceless p=0.497, n.s.).
2.3. Discussion
All the accuracy values were near 100%, and no
significant difference was found in any stimulus type.
Therefore, the intelligibility of the mismatched
stimuli was considered as high as that of the natural
stimuli.
3. LEXICAL DECISION TASK
3.1. Lexical decision task
If a devoiced vowel is a part of an entry in the
mental lexicon, it is predicted that the RT of the
mismatched devoiced stimuli will be longer than that
of natural stimuli. If devoicing occurs in the lexical
process, it is also predicted that the real/nonce status
of words will affect the RT of mismatched stimuli.
Participants: Seven university students were
recruited. All participants were born or had grown
up in Tokyo or its suburbs. No hearing disorder was
reported.
Materials: Ten nonce words were added that had a
similar devoicing/voiced environment in the words
checked in the pre-experiment.
real word
nonce word
/hutoo/ - /hudoo/
/hutora/ - /hudora/
/suki/ - /sugi/
/suko/ - /sugo/
/kikoo/ - /kigoo/
/kikome/ - /kigome/
/supaisu/ - /suraisu/ /supakuru/ - /surakuru/
/huku/ - /hugu/
/huko/ - /hugo/
Underlines denote devoiceable vowels. Ten
devoicing/voiced environments, two lexical statuses
(real or nonce word), two voicing conditions (natural
or mismatch), and two positions on the display (left
or right) yielded 80 stimuli for a trial. To avoid the
ceiling effect, each stimulus was overlaid with white
noise that had the same amplitude1 of the stimulus.

Procedure: Each trial began with symbols for
fixation (+++++) for 0.5 to 5 seconds2. Then, a pair
of words written in Japanese orthography were
displayed on a computer screen. Two seconds later,
participants heard the stimulus. Participants were
asked to quickly indicate which word they had heard
using the left () or right () arrow keys. To
motivate the participants, their RT was displayed on
the screen right after the response for 1.5 seconds.
PsychoPy software (ver. 1.84.2) was used to run the
experiment and to record the data [4]. The trial was
repeated twice3.
Measurement: Each stimulus varied in the duration
of the first mora naturally. For example, the duration
of a mora containing a devoiced vowel tended to be
shorter than that of a normal mora. To avoid any
confounding effect of this, the RTs were measured
from the end of the first mora.
3.2. Results
3.2.1. RT (voicing)
Figure 2 shows the mean RT value sorted by the
voicing of the second consonant.

The mean RTs varied from 0.399sec. (‘D’) to
0.876sec. (‘G’) by participants. One-way ANOVA
was conducted to examine the effect on participants.
The results showed that the difference in participants
was significant (p<.001). We treated this variable as
random effect in the statistical analysis.
3.2.3. RT (summary)
Figure 4 shows the mean RT of the group. The
group consisted of two criteria, voicing and
matching.
Figure 4: Summary of the results

Figure 2:Mean RT (voicing)

“Voiceless” and “voiced” in the figure above denote
the voicing of the second consonant, respectively.
The mean RT of the stimuli with voiced consonant
(0.593sec.) was seemingly shorter than that of the
stimuli with voiceless consonants (0.739sec.). This
difference is significant according to Welch t-test
( p<.001). We divided our data according to the
voicing status of the second consonant thereafter.
3.2.2. Individual difference
Figure 3 shows the distribution of RTs. The
alphabets under x axis denote each participant.
Figure 3: RT of each participants

A generalized linear mixed model was used for
further statistical tests. The model used RT as the
dependent variable and contained the random factors
PARTICIPANT and TARGET (stimulus). We also
included the random slopes for REAL (real word or
nonce word) by PARTICIPANT. REAL and
MATCH (natural or mismatch) were included as
fixed factors. Parameters for the model were
estimated
using
Laplace
approximation,
implemented in the glmer function included in the
lme4 package for the R statistical program (version
3.4.3) [5].
Table 1: Resluts of the statistical tests
Second consonant: voiceless

Fixed effects
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Estimate

SD

P

(Intercept)
REAL
MATCH
REAL:MATCH

1.130
0.093
0.152
-0.091

0.047
0.068
0.045
0.064

<.001
0.169
<.001
0.152

SD
0.072
0.100
0.063
0.087

P
<.001
0.661
<.03
<.1

Second consonant: voiced

Fixed effects
(Intercept)
REAL
MATCH
REAL:MATCH

Estimate
1.470
-0.043
-0.160
0.167

The MATCH factor had a significant effect on the
RT in both voiceless and voiced conditions. In the
former condition, the RT of mismatched stimuli was
longer than that of the natural stimuli. On the other
hand, in the latter, the effect was found to be in the
reverse direction, as was evident from the negative
estimate (-0.160). This was because the nonce
words’ RT of mismatched stimuli was shorter than
that of natural stimuli, as shown in the rightmost pair
of bars in Figure 4. There was no significant effect
of REAL factor in both conditions. The interaction
of REAL and MATCH was only weakly present in
the voiced condition.
4. GENERAL DISCUSSION
The results of the lexical decision task suggest that
Japanese listeners predict a voiced consonant after a
fully voiced vowel. If a voiceless consonant comes
after a voiced vowel, the discrepancy between the
sound and their prediction may cause a slower RT.
This indicates that Japanese speakers have some
knowledge of devoicing. However, there is no
significant effect of the REAL factor, suggesting
that devoicing is not a part of the lexical information.
The listeners’ prediction might come from the
phonetic domain.
On the other hand, when a voiced consonant
comes after a devoiced vowel, we see a faster RT in
mismatched stimuli of nonce words. This may
suggest that the prediction by the listener is only one
way from the full vowel to the following consonant.
The information from a devoiced (and thus reduced)
vowel is of less importance.
As for the faster RT in mismatch nonce words,
further analysis of errors reveals another viewpoint.
Participants sometimes hear a voiced segment as a
voiceless segment or a voiceless segment as voiced
segment. This type of misperception occurred in 136
responses as a whole. The error ratio of natural
stimuli was 9.0%, while the error ratio of
mismatched stimuli was 19.4% (see Figure 5).
Figure 5: Error ratio
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The misperception ratio for the natural stimuli was
lower than that for the mismatched stimuli. We
found significant differences between natural and
mismatched stimuli using Fisher’s test [<.0001].
There was no significant difference in the
misperception ratio by the voicing condition of the
second consonant [Fisher’s test: p=0.397 n.s.]. A
possible interpretation of this is that, depending on
the phonetic nature of the first mora, participants
anticipated the voicing feature of the second
consonant. In the mismatched stimuli, however, they
achieved faster RT under a time pressure by
sacrificing response accuracy. In fact, two
mismatched stimuli /supakuru/ and /hutora/ had
shorter RTs than the natural stimuli had. However,
others did not have the same tendency. Further
research may be needed on this topic.
Another take on this is that voiced consonants may
reset the prediction process. Although a voiceless
consonant after a devoiced vowel is predicted, the
voicing information in the closure region of the
following consonant may be forced to reset the
prediction, which would not hinder the lexical
decision process.
5. SUMMARY AND CONCLUSION
In this report, we investigated the lexical status of
vowel devoicing in Tokyo Japanese. The results of
the lexical decision task suggest that the devoicing
process belongs to the phonetic domain, and the
lexicon does not hold information about devoicing.
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ABSTRACT

tory phonology [2], motor primitives [8, 13]). However,
when dealing with overlapping gestures, we face the disadvantage that, at least as of now, the ground truth is not
available; every muscle contraction and every bend at a
joint can be integrated into various gesture elements, and
it is up to the model only to stay consistent about determining where the boundaries of those gestures are.
From this standpoint, it is interesting to consider an
alternative view on what guides speech phenomena: targets. They can be found in a virtual task space (task dynamics [16, 17]), or they can literally be specific positions of the vocal tract [4]. It is this line of thought that
the present work follows, chosen due to the benefits of
the methodological clarity and high applicability, e.g. in
articulatory speech synthesis [6, 18, 19], which in turn
will be capable of serving as further evidence for the underpinnings of speech production [11].
To investigate whether it is possible to use some kind
of static articulatory representations as points of reference for the dynamics of speech, we naturally need articulatory data. Generally speaking, this choice is a tradeoff between the frequency in time of the acquired information and its spatial richness, with such techniques as
electromagnetic articulography (EMA) falling at one end
of the spectrum, and magnetic resonance imaging (MRI)
at the other. Fortunately, recent technological advances
have boosted real-time MRI (RT-MRI) to such a level
that it allows us to alleviate the gravity of the choice between the two. Currently, RT-MRI is argued to be one
of the most promising sources of articulatory information
for speech production research [3, 12].
[4] employed targets as the vocal tract configurations
attained at the middle of the duration of each phoneme,
which is when it is most stable. However, that study recognized the need to allow for contextually modified targets to capture coarticulation. [1] worked in that direction
and differentiated targets according to their vocalic context, following the ideas of [10]; the static MRI dataset
that was put in use in this study is quite similar to that of
[1], only composed for French.
The aim of the paper is to look for such static, frozen
articulatory targets in RT-MRI data and give an interpretation of their presence or absence. The objective
is to employ measures that are proven to be efficient in
computer vision to compare the static and dynamic MRI
datasets, and to draw conclusions from the dynamics and
distributions of these metrics.

This paper uses mediosagittal slices of a static magnetic
resonance imaging (MRI) dataset capturing the blocked
articulation of vowels and of consonants that anticipate
/a, i, u, y/ and a variety of other vowels to study the presence and distinctness of these deliberately taken articulatory targets in real-time MRI recordings. The study
investigates whether such articulatory targets are actually attained in fluent speech, how marked they are, and
what factors influence the degree of similarity between a
given articulatory target and the actual vocal tract shape.
To quantify the similarity, we use structural similarity,
Wasserstein distance, and SIFT measure. We analyze
the amplitude and timing of the observed similarity peaks
across different phonetic classes and speech types (spontaneous versus not). We show that although real-time
speech involves shapes quite similar to the static data,
there is a great intra- and inter- speaker variability.
Keywords: articulatory targets, coarticulation, speech
production
1. INTRODUCTION
Speech is produced through a complicated process that
involves high cognitive skills including semantic and
syntactic language operation, both automatic and consciously refined motor control, and perceptual feedback
processing. Articulatory evidence can be a window into
different facets of all of these sub-tasks. Thus, it is of utmost importance to further enhance our understanding of
speech production.
One of the central issues in the mechanics of speech
production is the notion of a smallest unit or some other
elementary component. From the auditory perspective, it
is the phoneme: the smallest semantically distinguishing
unit. From the articulatory point of view, however, each
and every sound we utter is a result of the filter that is
formed by the vocal tract, whose shape is a compound
effect of coordinating the articulatory movements. Given
that each articulator seemingly follows its own timing and
has considerable degrees of freedom in space, it is easy to
see how studying the organization of speech movements
is no trivial task.
A major branch of modeling these motions consists in
decomposing speech into articulatory gestures (articula-
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2. DATASETS AND METHODS

2.2. Comparing static and dynamic images

When matching the images of these two datasets, one has
to face several issues:
(1) The resolution and quality of the images is not the
same: 256x256 pixels against 189x189. Furthermore,
MRI is very sensitive to movement, resulting in a considerable amount of blurring in the dynamic images.
(2) The images do not depict exactly the same areas
of the subjects’ vocal tracts, nor do the subjects take exactly same positions. Moreover, three years passed between acquiring the static and dynamic datasets, resulting
in some minor physical changes in speaker A; and naturally, there are differences between speakers A and B.
(3) Static acquisitions may produce shapes that will
never be observed in dynamic data since they involve no
phonation and there are phonemes whose sustained imitation of articulation is either difficult or impossible (liquids due to their dynamic nature [5]; stops, whose burst
is a result of pressure building up in the vocal tract; it is
difficult to control nasality).
(4) The static dataset is rather small and should not be
expected to cover all the images in the dynamic dataset.
(5) While being larger, the dynamic dataset still remains relatively small as far as speech resources go.
When breaking down into specific contexts, phoneme
classes, syntactic structures, or speaking styles, data sparsity quickly becomes an issue.
We chose to stay as rigorous in our approach as possible and to have a coherent measure between each of the
static images and each of the dynamic images. We cut out
the rectangular of the vocal tract and resized the resulting
images to 84x82 pixels. Then three metrics known to perform well in image processing and computer vision feature extraction were used: structural similarity (SSIM)
[20], Earth mover’s distance (EMD) [15] (Wasserstein
distance on the histograms of the images), and scaleinvariant feature transform (SIFT) [7]. Figure 2 shows
the behavior of these metrics on one of the recordings.
EMD measures the difference between two probability
distributions, calculating the work it would take to transform one of them into the other. When applied to pixel
intensity histograms, it produces a measure of image similarity. If fi, j is the optical flow between clusters pi and
q j and di, j is the ground distance between them,

2.1. MRI corpora

The static MRI dataset consisted of 86 mid-sagittal images collected in a 3D mode with a GE Signa 3T machine with an 8-channel neurovascular coil array. The
acquisition used a custom modified Enhanced Fast Gradient Echo (EFGRE3D, TR 3.12 ms, TE 1.08 ms, matrix
256x256x76, spatial resolution 1.02x1.02x1.0 mm3 ). The
speaker was to show the position that he would have to attain to produce a particular sound. For vowels, that is the
position when the vowel would be at its clearest if the
subject were phonating. For consonant-vowel (CV) syllables, that is the blocked configuration of the vocal tract,
as if the subject were about to start pronouncing it before
a coming vowel V. There were 13 vowels, 71 CV syllables and 2 semi-vowels in the final dataset. This covers
all main phonemes of the French language, but not in all
contexts. Each consonant was recorded in the context of
at least the three cardinal vowels /a, i, u/ and /y/, which
is strongly protruded in French; some more vocalic contexts were included as well. The speaker of this dataset
will be referred to as speaker A.
The RT-MRI data consisted of 9 real-time 1 min-long
acquisitions of both speakers A and B (one recording of
spontaneous speech per speaker, the rest not), following
the protocol described in [9] (the sampling frequency 55
Hz, images of 189x189 pixels representing the midsagittal section that is 8 mm wide), including both the articulatory information (RT-MRI itself) and speech.
The task for non-spontaneous speech was to read out
sentences that came from a phonetically balanced corpus
as well as syllables that imitated the static MRI corpus
(for example, where the static corpus treated the positions
for /p(i)/, /p(a)/, /p(y)/, the dynamic corpus would require
the speaker to produce “pis, pas, pu” which are the dynamic implementation of these configurations). Fig. 1
shows the static and dynamic examples of /p(i)/.
The task for spontaneous speech involved a spontaneous, unrehearsed answer to the question “What do you
think of the healthcare system in France".
Figure 1: Static (left) and dynamic (right) recordings
of /p(i)/ articulation by speaker A.

(1) EMD(P, Q) =

n
∑m
i=1 ∑ j=1 f i, j di, j
n
∑m
i=1 ∑ j=1 f i, j

Lower values of EMD mean more similar images.
SSIM is a measure that originally quantified perceived
image degradation when given an original image and its
compressed version, but can be used to quantify similarity between any two images. It is calculated on windows
of the image. SSIM between two windows x and y is a ratio that depends on the windows’ averages, variances and
the covariance. Its values range from -1 to 1, 1 standing
for identical images.
SIFT is a feature detection algorithm. It matches keypoints that agree on the object and its location, scale, and
orientation. We perform a ratio test that rejects all feature
matches whose distance ratio is greater than 0.7:

The speech was denoised to reduce the noise of the
MRI machine that is dominant in the recording and then
manually transcribed. The text of the transcription was
subsequently treated by eLite HTS tool [14] to retrieve
phonetic labels, and those were force aligned with HTK
[22], using Merlin as frontend [21].
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Figure 3: The overall distribution of the EMD metric
for the distance between the static capture /i/ and all
the dynamic captures for speakers A (up) and B (down)
(leftmost pair); structural similarity, /mE/ (middle pair);
SIFT, /u/ (rightmost pair).

|matches(x, y) : match.dist < 70|
|matches(x, y)|
Since it is a proportion of all matches, its values range
from 0 to 1, and the greater the value, the closer two images are.

(2) SIFT (x, y) =

Figure 2: The distance between the static image
/f(i)/ and all the dynamic images in one of the oneminute long sequences by speaker A, aligned with the
power spectrum of the recording (lowermost): 1) Earth
mover’s distance (values from 0 to 1, the lower, the
more similar); 2) structural similarity (from -1 to 1, the
greater, the more similar); 3) SIFT (from 0 to 1, the
greater, the more similar).

(EMD: Shapiro-Wilk’s test (ShW): statistic 0.822, pvalue 0.000, D’Agostino’s K 2 test (DA): 2429273.281,
p-value 0.000; SIFT: ShW: statistic 0.967, p-value 0.000,
DA: 4736.912, p-value 0.000; SSIM: ShW: statistic
0.853, p-value 0.000, DA: 1635032.574, p-value 0.000),
thus, in order to determine whether the observed differences between distances are statistically significant, we
needed to use non-parametric tests.
Table 1: Means (E) and standard deviations (SD) of the
image similarity metrics, speakers A and B

A
B

E(EMD) ± SD(EMD)

E(SSIM) ± SD(SSIM)

E(SIFT ) ± SD(SIFT )

0.001 ± 0.00009
0.001 ± 0.00019

0.113 ± 0.017
0.099 ± 0.024

0.429 ± 0.0766
0.416 ± 0.0717

3.1. Analyzing the speakers

The EMD metric consistently showed visible variation in
histogram shape across speakers. While speaker A’s distribution had a shape that resembled a skewed normal distribution, speaker B’s data displayed smaller hills to the
left and to the right of the main distribution body (see
Figure 3, below). This could be due to multiple reasons: 1) the static data of speaker A being a better fit
for the dynamic data of speaker A than for the dynamic
data of speaker B; 2) the metric picking up on the presence of multiple speaking strategies in speaker B (for all
phonemes, unlikely); 3) it could be the case that the phonetic labeling algorithm struggled with speaker B more
than with speaker A.
As for SSIM, the histograms of speaker B displayed
much more pronounced hills in the less similar ranges of
the similarity measure values than those of A (see Figure
3, middle).
Contrary to EMD and SSIM, the shape of distribution of SIFT proves to not be extremely sensitive to
the change of speakers. However, overall distributions
SIFTA (/static p h/, x) and SIFTB (/static p h/, x) do differ
(Table 1, images of A being more similar to static images than those of B; the difference is statistically significant: Kolmogorov-Smirnov statistic 0.346277, p-value
0.0, and Mann-Whitney statistic 351926033.0, p-value

It should be noted that while articulation is a very
smooth process, where nothing happens in jerks, the behavior of these metrics is not. Therefore we find it imprudent to look for patterns one image at a time, for example,
at the image in the center of a given phoneme. Instead,
we resolve ourselves to use averaging and look for general patterns.
3. EXPERIMENTS
The calculated distances were aggregated by speakers, by
phonemes, by phonemes in vocalic context (what vowel
V is anticipated in the dynamic dataset according to the
phonetic labeling) and by speaker styles (spontaneous
and not).
Table 1 shows the mean and standard deviation of each
metric across the entire volume of speech by speakers
A and B. Overall there is no linear relationship between
the metrics: correlation r(SIFT, EMD) = −0.009 for A,
0.096 for B; r(SSIM, EMD) = −0.742 for A, −0.511 for
B; r(SSIM, SIFT ) = −0.131 for A, −0.303 for B.
None of the metrics followed the normal distribution
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Figure 4: Stacked plots of SIFT between seven static images of /f/ (from bottom and the lightest color up to the darkest: /f(i),
f(E), f(a), f(o), f(u), f(y), f(ø)/) and the images of the dynamic sequence /fi, fe, fE, fa, fOK, fo, fu, fy, fø, fœK, fã, fÕ, fẼ/

0.0).
All distance distributions equivalent between speaker
A and speaker B are different (Kolmogorov-Smirnov and
Mann-Whitney tests). Static images that depict the same
consonant, but in different vocalic context may produce
the same distribution within the same speaker, though it
may not always be the case (/r(y)/ and /r(i)/ of A, /r(i)/
and /r(E)/ and /r(y)/ and /r(o)/ of B producing same distributions in EMD and SIFT, though different in SSIM).

tion (as in the dynamic /S/ being the closest to the static
/l(i),l(E),l(a)/) or mishandling nasalization (/b/ as the closest to the static /m(a),m(E)/).
Figure 4 shows the temporal evolution of SIFT of the
static /f(i), f(E), f(a), f(o), f(u), f(y), f(ø)/) over the dynamic sequence /fi, fe, fE, fa, fOK, fo, fu, fy, fø, fœK, fã,
fÕ, fẼ/ by A. The plots show an increment at /f/ and go
down at the vowel and pause. Distinguishing the anticipated vowel by the position of /f/ alone, however, seems
impossible.
Speaker B represents more inexplicable similarity
peaks, and spontaneous speech even more so. We suppose that the reason for this is either the greater mismatch
between speakers A and B, or speaker B’s peculiarity. It
is due to mention another possible source of curious phenomena in the entire dataset: phonetic label files. Annotated with an automatic tool and force aligned with a
signal whose denoising corrupts a part of speech information, they are prone to errors and should ideally be
corrected by hand.

3.2. Phoneme comparisons

Then we aggregated distances by phonemes and analyzed
the distances that appeared. Table 2 shows a part of
the confusion matrix that we have. It demonstrates that
EMD and SSIM similarity peaks do not seem to have
any phonological grounds. When retrieving N smallest or greatest distances to a given static phoneme, they
turn out to be associated to the same dynamic phonemes.
SIFT also makes mistakes, but they are explicable: vowels stay classified as phonemes that do not involve complete obstruction of the airway (the measure looks out for
the presence or absence of contact), possibly not paying
enough attention to the extent of how close the articulators are supposed to come to each other (e.g. both /u/ and
/o/ are back rounded vowels, and the difference between
them is that /u/ is close and /o/ is close-mid; /w/ is a labial
approximant, the closest consonantal equivalent of /u/).

4. CONCLUSION
We investigated the matches for static articulatory targets
in an RT-MRI dataset. As we identified them, they vary
both within a single speaker and across speakers. Out
of all metrics, SIFT used most of its domain of values
and gave the most interpretable results. It captures best
approximants and fricatives, while struggling at precision for articulators being in contact (stops) or wide apart
(vowels).
Possible solutions would be to mask images and work
only on the parts that represent speech-related areas with
a method such as in [4]. One could model specific articulators, such as the tongue and the lips. Some effort should
also be dedicated to correcting the phonetic annotation to
be sure to draw conclusions from relevant data.
Further work could be to integrate this information into
force alignment of RT-MRI data or to find the best images
to serve as articulatory targets in speech synthesis.

Table 2: Confusion matrix: the rows are static captures
of vowels, the columns their best fits in the dynamic
data—for A, for B

Ph
/a/
/i/
/u/

EMD
/z,i/–/oe,N/
/z,n/–/oe,N/
/z,N/–/oe,s/

SSIM
/g,oe/–/ø,Z/
/g,i/–/ø,N/
/g,oe–/ø,Z/

SIFT
/Õ,õe/–/l,Õ/
/S,y/–sil,/i/
/w,o/–/u,w/

Furthermore, SIFT can treat consonants, which require
a higher degree of precision. The dynamic /f/ and /S/ are
on average the closest phonemes to all versions of the
static /f/ and /S/ respectively, and /Z/ for /s/. The static
/j(i)/ matches /j/ and /4/, and /w(u)/ to /w/ and /o/. While
being reasonably good for fricatives and approximants,
SIFT has a greater trouble with stops and liquids: the
confusions involve not achieving the required constric-
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ABSTRACT
This study investigates interspeaker variation and
variables in the production of the American English
/l/. Using data extracted from the real-time MRI
database, the current study aims to analyze the
apical/laminal variation in the temporal domain and
uncover articulatory tasks for generating the vocal
tract shapes related to the apical/laminal distinction.
The preliminary results reveal that (i) in the apical /l/
production, a ‘dip’ is formed on the anterior and
middle part of the tongue before the tongue tip is
raised to make a complete closure at the alveolar ridge
and (ii) the apical /l/ and the laminal /l/ demonstrate
the same pattern of intergestural coordination
between the tip/blade and the dorsum (tip delay). It
is reasonable to suppose that the dip formation
facilitates the orientation angle of the tip to the
alveolar ridge. The implications for articulatory
organization and representation are discussed.
Keywords: Real-time MRI, USC-TIMIT, English
lateral, apical vs. laminal
1. INTRODUCTION
Studying speech production from an articulatory
phonetics perspective can be seen as the practical
implementation of a ‘parametric approach’ [1], or
parametric phonetics. This approach contrasts with,
but is complementary to, a postural or segmental
approach. Parametric phonetics focuses on the timevarying parameters of articulation. The current study
applies this view to the study of the apical/laminal
distinction of /l/ in American English.
The apical/laminal distinction refers to the point of
the tongue involved in the constriction formation. The
tongue tip is used for apical articulations while the
tongue blade is used for laminal articulations.
According to Dart [7], the highest percentage of the
English /l/ is ‘apical,’ and the next most common
pattern is ‘apicolaminal.’
Furthermore, the difference between these two
articulations goes beyond the area of the tongue
which makes a contact with the hard palate. Using the
static MRI technique, Narayanan et al. [10] have
shown that the overall tongue shape of the apical /l/ is
concave with a groove in the anterior and/or middle
part of the tongue, while that of the laminal /l/ reveals
largely an overall convex shape. Stone & Lundberg
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[14] identify ‘two-point displacement’ for /l/ which
involves ‘two regions of displacement, an elevated
anterior and posterior segment, with a short groove,
almost a dimple, indicating compression of the
middle segment.’ It can be asked how these
characteristic tongue shapes are formed in the
temporal domain. This question is related to the wellknown intergestural timing pattern in /l/ production.
An influential study on the clear/dark allophony
[13] has shown that in the production of the English
/l/, maximum dorsal movement precedes maximum
tip/blade movement for the dark variant, while the
opposite temporal relationship occurs for the clear
variant. This intergestural coordination is identified
as ‘tip delay.’ The current study replicates the
articulatory analysis to compare the intergestural
timing pattern between the apical /l/ production and
the laminal /l/ production.
The current study explores the question of how
apical articulations are related to the concave shape
of the tongue. We aim to (i) provide initial empirical
data for the apical /l/ gesture, in comparison with the
laminal /l/ gesture, (ii) capture the relationship
between the articulatory tasks and the overall tongue
shape, and (iii) compare the intergestural timing
pattern of the apical /l/ with that of the laminal /l/. We
will conclude with future directions.
2. DATA COLLECTION AND ANALYSIS
The speech materials were drawn from a database of
multimodal speech production data, USC-TIMIT [11,
16]. This database comprises the real-time magnetic
resonance imaging (rtMRI) data and acoustic data of
460 phonetically balanced sentences read by 10
native speakers of American English.
The lateral articulations in this study are
categorized broadly into two groups, apical and
laminal, based on a qualitative observation of the
overall tongue shape. This is not to say that the tongue
shape is a better indicator of apicality/laminality than
the tongue-palate contact pattern. Rather, it works as
one potential indicator. As mentioned earlier, the
apical /l/ at the maximum constriction involves a
groove on the anterior/middle part of the tongue while
the laminal /l/ shows a largely flattened surface ([10]).
Also, Dart [6] identifies 4 different contact patterns
based on the linguograms and demonstrates with Xray tracings that the overall tongue shape of the

‘apical’ and ‘upper apical’ categories is generally
concave and that of the ‘apicolaminal’ and ‘laminal’
categories is largely convex (or slightly arched).
A custom-designed GUI [11, 12] was used for
tracking tongue and palate edge location. An image
frame was captured at the maximum constriction of
/l/ closure (the maximum elongation of the anterior
tongue) and its vocal tract outline was obtained by
performing semi-automatic segmentation. Figure 1
shows vocal tract outlines with semi-polar analysis
grids overlaid. When the program failed to locate the
edges with sufficient accuracy, the vocal tract outline
was manually corrected. Then, the overall tongue
shape was visually inspected for categorization.
Figure 1: Segmented rtMRI frames, 2 different speakers
(a) Aipcal /l/
(b) Laminal /l/

Also, in order to analyze how the characteristic
shapes are created, the sequence of segmented tongue
postures in the midsagittal plane was captured from
the last frame of the preceding segment to the first
frame of /l/ closure. The frame rate is 23.18 frames/s.
The temporal coordination between the tongue
tip/blade and the dorsum was analyzed for the
selected utterances in the corpus. Dataset 1 consisted
of words with the onset singleton /l/ which were
preceded by a schwa (e.g. the latest, to leap), and
dataset 2 consisted of words with the coda singleton
/l/ which were followed by a schwa or /h/ (e.g. skill
of, all holidays). Other aspects of phonological
contexts were not controlled. The number of tokens
was 43 in total (20 onset /l/s + 13 coda /l/s).

The intergestural coordination was analyzed using
the MATLAB-based programs. The VocalTract [3],
which utilized a region of interest (ROI) technique,
was used to detect the tongue movement over time.
Pseudo-circular regions were placed over the location
of the tongue tip (TT) constriction, tongue dorsum
(TD) constriction, and middle-tongue groove
formation. The average pixel intensity inside the
region was calculated for each frame. Then, using the
MVIEWRT’s [15] ‘find gesture’ routine, the tip
gesture and the dorsum gesture were identified. The
onset/offset of a whole gesture and a gestural
plateau/nucleus was specified at 20% of the tangential
velocity peak associated with movement toward, or
away from, a target constriction. The times of the
maximum constriction (i.e. velocity minimum), or
MAXC in the interval of a gestural plateau, were used
for calculating the index ‘tip delay.’ Following Sproat
& Fujimura [13], tip delay in this study was defined
as follows: [Tip Delay]=time(TT velocity minimum)time(TD velocity minimum). The analysis was
conducted for two speakers, F1 (female, apical /l/
speaker) and M2 (male, laminal /l/ speaker).
3. RESULTS
3.1. Qualitative observation of apical and laminal /l/

The first task is to identify the apical/laminal
differences among 10 speakers in the database. Figure
2 demonstrates the midsagittal vocal tract profiles
captured in the production of the onset singleton /l/ in
the sentence ‘The cow wandered from the farmland
and became lost.’ Figure 3 shows the vocal tract
profiles captured in the production of the coda
singleton /l/ in the sentence ‘The big dog loved to
chew on the old rag doll.’
It can be seen from Figures 2 and 3 that all the
tongue profiles colored in black involve a raised
tongue tip and dorsum with a middle-tongue groove,
the degree of which varies across these 8 speakers.

Figure 2: The midsagittal profiles of the vocal tract of 10 speakers producing the onset singleton /l/
(a) Five female speakers

(b) Five male speakers
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Figure 3: The midsagittal profiles of the vocal tract of 10 speakers producing the coda singleton /l/
(a) Five female speakers

(b) Five male speakers

In contrast, the two tongue profiles colored in red are
largely flattened. Thus, the 8 speakers are categorized
as apical and the two speakers as laminal.
Now we will move on to the analysis of how the
characteristic shapes are created. Lateral articulation
is shown in Figure 4, which compares apical and
laminal production of the onset /l/ in the sentence
‘The cow wandered from the farmland and became
lost.’ The apical /l/ speaker in (a) reveals a certain
amount of ‘dipping’ in the anterior/middle part of the
tongue (indicated by the red line). This dip formation
consistently occurs before the raising gesture of the
Figure 4: Production of onset /l/ in ‘lost’
(a) Apical /l/

(b) Laminal /l/

Gray dotted = the last frame of the preceding segment
Red = making a ‘dip’ on the tongue
Black = the first frame of the /l/ closure

Figure 5: Production of Coda /l/ in ‘wall’
(a) Apical /l/
(b) Laminal /l/

tongue tip. After making a dip, the tongue dorsum is
retracted, at the same time, the anterior tongue
extends to make a closure at the alveolar ridge. These
create a groove on the tongue surface and the overall
tongue shape becomes concave. In contrast, the
laminal /l/ speaker in (b) simply raises the tongue
tip/blade for the /l/ closure from the immediately
preceding position (indicated by the gray dotted line)
and the dorsum is retracted.
Figure 5 illustrates the production of the coda /l/
in the sentence ‘A roll of wire lay near the wall.’
Similar to the onset /l/, the dip (the red line) is formed
from the immediately preceding position (the gray
dotted line) and precedes the raising gesture of the
anterior tongue in the production (a). It seems that the
posterior tongue remains relatively stable: this could
be the coarticulatory effect of the preceding back
vowel and needs further research.
We now focus on the case where the apical /l/ in
the coda position is vocalized. Figure 6 illustrates the
vocalized /l/ within and across a word boundary. The
relevant rtMRI images were identified with reference
to spectrograms of the utterance recorded. The case in
(a) is extracted from the sentence ‘When all else fails
use force’ and the case in (b) is from the sentence
‘Should giraffes be kept in small zoos?’ In both cases,
the dip is formed and in these particular vocalized
Figure 6: Vocalized /l/ production (apical /l/)
(a) ‘fails’
(b) ‘small zoos’

Gray dotted = the last frame of the preceding segment
Red = making a ‘dip’ on the tongue
Black = the first frame of the /l/ closure

Gray dotted = the last frame of the preceding segment
Red = making a ‘dip’ on the tongue
Black = the /z/ constriction
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cases, the tongue tip is raised for the following voiced
alveolar fricative /z/.
3.2. Analysis of intergestural coordination: tip delay

Figure 7 shows the mean values of tip delay for the
onset and coda /l/ averaged for the two speakers, F1
(apical /l/ speaker) and M2 (laminal /l/ speaker). The
negative value of the onset /l/ means that the
maximum constriction of the tongue dorsum is
reached after that of the tongue tip/blade. Conversely,
the positive value of the coda /l/ means that the
maximum constriction of the tongue dorsum is
reached before that of the tongue tip/blade.
Regardless of the two types of /l/, the timing pattern
of intergestural coordination is consistent.

Figure 7: Mean tip delay for the onset and coda /l/

4. DISCUSSION
The preliminary results reveal that three major phases
are identified in the apical articulation: (i) a ‘dip’
formation on the anterior and middle part of the
tongue; (ii) retraction and raising of the tongue
dorsum; (iii) elongation of the anterior tongue to
make a complete closure at the alveolar ridge.
It is reasonable to suppose that the dip formation
found in the apical /l/ production facilitates the
orientation angle of the tip to the alveolar ridge. This
then effectively leads to the achievement of the
overall concave shape of the tongue. Furthermore, the
‘dip’ appears even when the /l/ is vocalized. This
suggests that the dip formation could be considered
as a preparatory action for raising the tongue tip
toward the alveolar ridge and for initiating the
execution of the apical /l/ gesture.
The results of comparing the temporal index ‘tip
delay’ are compatible with previous studies ([5], [13]).
The intergestural coordination shows a uniform trend
between the two types of /l/, namely apical and
laminal. While the formation process of the complete
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closure in apical /l/s differs from that of the laminal
/l/s, the two /l/s maintain the timing pattern of
intergestural coordination.
The current study focuses on the overall tongue
shape for the apical/laminal distinction of the English
/l/. This methodology merits further improvements. It
is worth noting that there are articulatory studies on
the production of ‘obstruents’ which are relevant to
the current study. In an EMA study of Wubuy
(Australian) coronals, Best et al. [2] have shown that
in the apicals [t, ʈ], the tongue body (TB) gesture is
relatively stable to support the lever-like motion of
the tongue tip (TT), whereas the TB and TT gestures
move in tandem in the laminals [t̪ , c]. These patterns
are also observed for some English obstruents by
Derrick et al. [8] who compared the apicals /d, dʒ /
with the laminal /ð/. These apical and laminal
consonants are simplex segments, articulatory
coordination of which can be characterized as the
given consonantal gesture being superimposed on the
vocalic gesture. In contrast, the /l/ is considered as a
complex segment which involves the consonantal
gesture (i.e. the tip/blade raising) and the vocalic
gesture (i.e. the dorsum retraction). Taken together,
the articulatory nature of the given segment and the
phonological status of the apical/laminal distinction
should be considered carefully. It is supposed that
identification of both ‘spatial’ and ‘temporal’
parameters can lead to a better understanding of the
apical/laminal distinction of the English /l/.
The explorations of the apical/laminal distinction
raise questions about how a speaker chooses one or
the other. Recent studies on the biological grounding
of phonology (Fuchs et al. [9]) have suggested that
‘biology determines the limits, the frame of reference
for phonology.’ This leads us to ask a further question
of how individual differences impact on phonology.
Answers to these questions await more data and
analysis.
4. CONCLUSION
The current study has explored the apical/laminal
distinction of /l/ in American English using the data
extracted from the real-time MRI database. It is hoped
that the parametric phonetic analysis presented in this
study provides another interesting description of the
lateral articulation and contributes to a better
understanding of individual differences and
articulatory organization.
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ABSTRACT

pointed out that there is an inherent conflict between the momentary nature of a tap and gemination [23], and that it seems impossible to prolong a
tap without turning it into a trill [8]. Trill is a socially marked, stereotypically vulgar realization of
Japanese /r/ and is unlikely to be a normal candidate
for geminated liquid in Japanese. In the meantime,
many have highlighted the remarkable range of subphonemic variability with which Japanese /r/ is realized [1, 2, 7, 11, 16, 22, 32]. While intervocalic
variants are reported to be some flavor of taps and
flaps, laterals are also reported in post-pausal and
post-nasal contexts [1, 32]. Hence, gemination of /r/
does not necessarily involve prolonging or repeating
a tap. In fact, some researchers have shared their
impression that /rr/ is realized as [ll] [11, 12], and
results from an EPG study back up the claim with
at least two out of five speakers implementing tight
constriction in the alveolar region and weak lateral
constriction [11].
In order to investigate the phonetic realization of
geminated liquids in Japanese, we conducted a production experiment using three-dimentional electromagnetic articulography (EMA). In this paper,
we address the following questions: What are the
tongue tip and tongue blade activities involved in
the realization of geminated liquids in Japanese?
Are production patterns consistent within and across
speaker and vowel environments? Do we see evidence of lateral productions?

The study explores the articulatory strategies
Japanese speakers draw on to produce geminated
liquids, focusing on the movements and shapes of
tongue tip and tongue blade. Native speakers of
standard Japanese (n = 8) produced pairs of reduplicative mimetics with and without emphatic gemination on the liquid consonant. Tongue movements
were recorded using EMA (electromagnetic articulography). Results suggest variable strategies within
and across speakers, including lateral productions.
Keywords: EMA, Japanese, geminate, liquid, tap,
lateral
1. INTRODUCTION
While the phonetics of Japanese geminates have
been extensively surveyed, the consequences of
geminating the liquid phoneme /r/ have not been
documented in detail. It has often been claimed
that Japanese, a language with contrastive consonant
length, lacks geminated liquids. However, they are
attested in certain contexts: in interjection phrases
such as /arre, maa/ ‘oh dear’ [12]; in emphatic reduplicative mimetics such as /kirrakira/ ‘very shiny’
derived from /kirakira/ ‘shiny’ [9, 15, 21, 26]; and
in loanwords from languages with contrastive liquid geminates [9, 30], as can be seen in the adaptation of the Italian word tagliatelle (a kind of pasta)
as /tariaterre/. Representing a geminated liquid in
Japanese orthography is straightforward, and geminating a liquid consonant comes with a clear and
robust durational difference. In the data presented
below, a reliable difference in acoustic duration was
observed, geminate duration tripling that of singleton: t(102.92) = −18.076, p < 0.01.
Yet, the phonetic details of geminated liquids are
unclear, and not easy to predict. Given that apicoalveolar tap has been considered to be the prototypical realization of Japanese /r/ [1, 12, 16, 33],
one may say that a viable solution is to simply prolong its brief closure, so as to produce [dd] [18].
However, there is an intuition that it is not an appropriate realization of /rr/ [12]. It has also been

2. METHOD
2.1. Speakers

Eight native speakers of Tokyo Japanese (female =
5) were recruited in Japan (referred to as S1 ∼ S8).
Age of the speakers ranged from 19 to 28. Speakers
were compensated for their participation. Instructions were provided in written and spoken Japanese,
and a consent form written in Japanese was provided. All of the speakers self-reported as having
normal speaking ability at the time of the experiment. A language background questionnaire was administered.
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センサ名

on a palate impression (data not reported hereリファレンス
due to
space) [14]. Speakers were seated comfortably on
プローブ
a chair, and the field generator was placed so that
the articulator is included in a cube of 30 cmA2 from
B
the device. After the sensors
were affixed, speakers
N
were asked to read the experiment instructionC aloud
to get used to articulating with the sensors. The
first
D
six trials were practice trials. Speakers couldE take a
break anytime during the experiment.

2.2. Speech material

The speech material consisted of 39 Japanese
reduplicative mimetics in regular form and emphatic form, embedded in a carrier phrase “konnani <mimetic> nanowa hajimeteda (I’ve never experienced something so <mimetic>).” The carrier
phrase allowed the sentences to be natural for either form. All non-emphatic mimetics had the structure of CVCVCVCV. Emphasizing these mimetics
involved geminating the onset of the second syllable. A summary of the material is provided in Table 1.1 While the experiment included various target
consonants, only results pertaining to liquid consonants in the environment of a_a, e_e, and o_o (n =
144; /garagara/ ‘empty’, /deredere/ ‘lovestruck’, and
/dorodoro/ ‘muddy’) are reported here due to space.

Figure 1: Tongue LIsensor configuration

TD
TR

Number
5
6
19
4
4
1

TL

TT

Table 1: Speech material.
Target
T (ch, ts)
D
R
N (ny)
S (sh)
Z

TB

The sentences were presented manually by the experimenter on a screen, in Japanese orthography.
Each sentence appeared three times in randomized
order. In case of mispronunciations, speakers were
asked to read the sentence aloud again.

Unit1-2ch T2:

Unit1-3ch T3: t
Unit1-3ch

TL

Unit1-4ch TR:

G

Unit2-1ch

バイ

H

Unit2-1ch

バイ

I

Unit2-2ch

J

Unit2-2ch

K

Unit2-3ch

バイ

バイ

L

Overall, no multiple lingual occlusions (i.e. trills)
were observed based on spectrographic and auditory
information. The duration of the gestural plateau
of /r/ formed with TT (determined at 20 % of peak
velocity) was longer for geminates than singletons
overall: t(111.58) = −2.86, p < 0.01. There was
no significant difference in the overall plateau duration of TB: t(142) = −0.014, p = 0.99. In the
meantime, TT plateau duration varied considerably
among speakers, as shown in Fig. 2.
While the acoustically determined constriction
duration was at least 2.4 times longer in geminates
than in singletons for all speakers, not all speakers
had longer TT gestural plateaus for geminated /r/. In
fact, TT plateau seems to be only responsible for the
acoustic difference for S6, S8, and tendentially for
S7. The lack of difference in S5 can be attributed to
S5’s propensity to insert an audible glottal stop or laryngeal constriction at the beginning of a geminated
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T1

LI:

3.1. Gestural duration

Recordings for each speaker were made individually
in a sound-proof room2 , using the NDI Wave Speech
Research System at 400 Hz. Speech sound was simultaneously recorded through the M-Audio interface with a Sony ECM-77B microphone, at 22.05
kHz. Prior to the recordings, five sensors were
placed on the tongue of the speaker in order to track
tongue movement: on the sagittal midline, tongue
tip (TT; 5 mm from the tip of the tongue), tongue
dorsum (TD; as far back as was comfortable for the
participant), and tongue blade (TB; mid-point between TT and TD). There were also two lateral sensors, 1 cm to the left (TL) and to the right (TR) of
TB. An additional sensor on the gums beneath the
lower incisors (LI) was placed to track jaw movement, and a reference sensor on the nasion area (N).
The sensor configuration is exemplified in Fig. 1.
Speakers were also asked to hold a rigid plate with
sensors attached between their teeth in order to identify the occlusal plane, and palate shape was traced

Unit1-2ch

Unit1-4ch

3. RESULTS AND DISCUSSION

2.3. Procedure and post-procescsing

Unit1-1ch

F

The articulatory data was head-corrected by rotating and transposing the data based on the reference
position. Extreme outliers in the articulatory signals
were removed and filled using linear interpolation.
Garcias’s robust smoothing algorithm was applied to
all articulatory signals [6, 27]. We used the Mview
package [31] for visualizing trajectories and calculating articulatory landmarks [5]. The acoustic signals were annotated using Praat [3]. The acoustic
onset and offset of the consonantal constriction were
identified in the waveform and spectrogram display,
based on the periodic cycles of the adjacent vowels.
Data analyses were implemented using R [25].

Example
gatagata ∼ gattagata
hidahida ∼ hiddahida
garagara ∼ garragara
uneune ∼ unneune
kasakasa ∼ kassakasa
mazemaze ∼ mazzemaze

チャンネル 装着場

バ

movement pattern to some degree. It is also compatible with a retroflex tap realization previously reported to be a common option when the surrounding
vowels are identical [16, 32].

liquid. As for S1-S4, the acoustic contrast cannot be
accounted for solely by TT plateau duration due to
intra-speaker variability, some relying on prolonged
TB constriction. Results suggest that prolonged TT
constriction is not the only way to achieve the acoustic contrast needed for distinguishing length.

Table 2: Frequency by vertical TT movement.

Figure 2: Mean TT Plateau duration (ms) per
speaker (collapsing across three vowel environments; error
barsduration
indicateper
standard
Plateau
subject error).

Length

Vowel

Singleton

a_a
e_e
o_o
total
a_a
e_e
o_o
total

120

Geminate

Duration (ms)

90

Returningdown
25
21
21
67
25
22
24
71

Returningup
0
3
2
5
0
0
0
0

Upward

Downward

0
0
1
1
0
0
0
0

0
0
0
0
0
0
0
0

Length

60

Singleton
Geminate

Table 3: Frequency by horizontal TT movement.

30

Length

Vowel

Singleton

a_a
e_e
o_o
total
a_a
e_e
o_o
total

0
01

02

03

04

05

06

07

08

Speaker

Geminate

3.2. Movement trajectories

Returningfront
0
22
24
46
1
15
11
27

Returningback
12
0
0
12
14
6
11
31

Forward

Backward

NA

8
0
0
8
6
0
1
7

0
2
0
2
1
1
1
3

4
0
0
4
3
0
0
3

For geminates, the dominant patterns for low-vowel
environments remain Returning-back and Forward.
Unlike for singletons, multiple speakers produced
Returning-back in e_e, and all speakers except S6
produced Returning-back in o_o. The increased
number of Returning-back productions, especially
for o_o, may be attributed to (i) longer durations of
the consonant and preceding vowel [10] which allow
the tongue tip to move back after the alveolar onset,
or (ii) tongue body retraction often associated with
liquid consonants cross-linguistically [1, 24, 29].

Tables 2 and 3 show the movement directions of TT
relative to the positional extrema of the surrounding vowels. Table 2 summarizes the TT movement
patterns based on the vertical position. It shows
that most of the liquids start with TT in low position, which moves up and then moves back down
(Returning-down). This pattern is common regardless of the vowel environment or consonant length
for most speakers. For singletons, a few mid-vowel
productions involved the opposite pattern, starting in
high position, moving down and then moving back
up (Returning-up). S7 was mostly responsible for
this auditorily glide-like production. The Upward
pattern, used by S6, suggests that TT starts in a lower
position, hits the alveolar ridge and keeps rising so
as to produce a flap [4].
Table 3 summarizes the TT movement patterns
based on the horizontal position, along the length
of the tongue. NA indicates that signals were too
noisy for classification. For singletons, the popular
pattern for mid-vowel environments is for TT to start
in the front, achieve a target at a more posterior position, and then move back to the front (Returningfront). For low-vowel environments, however, the
popular patterns are either for TT to start in the back,
move to the anterior position, and return to the back
(Returning-back), or to start in back and move forward (Forward). For this, we suspect that the onset of the first and third syllables (/d/ for mid vowel
environments and /g/ for low vowel) affected the

3.3. Para-sagittal curvature

We adapt a lateralization index from Ying et al. [34],
taking the difference of the vertical position of TB
and the two lateral sensors, TL and TR, at the point
of gestural maxima (minimum velocity point) of TB.
A positive value indicates that the side of the tongue
is lower than TB; a negative value indicates that the
side of the tongue is higher than TB. Fig. 3 and Fig. 4
show the shaping of coronal plane per speaker.
Table 4 summarizes the coronal plane shape per
speaker, based on the combination of lateralization
indices. We identified four patterns: Concave (index is negative for TL and TR), Convex (index is
positive for both), Right-lowering (index is negative
for TL and positive for TR), and Left-lowering (index is positive for TL and negative for TR).
The shaping of the coronal plane was fairly consistent within speakers across consonant length, and
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higher than TT). For most speakers, the values were
largely negative. S2 and S7, with a Convex coronal shape, may be producing laminal laterals. In
contrast, the TB height of S1, S5 and S8 is almost
at level with TT. Taken together with their preference for Concave coronal shape, it is possible that
their realization of liquids is apical rather than laminal. The general lack of difference across length
(t(142) = −0.99, p = 0.33) may suggest that tongue
curling is not one of the gestural goals for Japanese
liquids.

speakers were fairly consistent within themselves as
to which side of the tongue, if any, is lowered. For
example, S6 was consistently Right-lowering and
S7 was consistently Convex; S1, S5 and S8 preferred Concave across consonant length; S3 employed multiple shapes, preferring Convex for the
o_o. S2 and S4 were not as consistent, using two
preferred shapes for singletons, but converging into
one for geminates.
Lateralization (TB−TL)

Tongue curling (TT−TB)

4

Figure 5: Relative height (mm) of TT and TB at
TB gestural maxima.

Length
0

4

Singleton
Geminate

TT−TB (mm)

side raising − side lowering

Figure 3: Left-side lateralization (TB−TL).

−4

01

02

03

04

05

06

07

Length
0

Singleton
Geminate

−4

08

Speaker

Lateralization (TB−TR)

side raising − side lowering

Figure 4: Right-side lateralization (TB−TR).

01

04

05

06

07

08

4. CONCLUSION
Length

0

The present paper examined the articulation of geminated liquids through the activities of the tongue tip
and tongue blade. While the results are preliminary
and do not allow us to draw conclusions as to the
precise strategies speakers employ, we obtained useful pointers for further analyses of the data. First,
prolonged TT constriction is not the gestural target for geminated liquids for all speakers. We need
to look into inter- and intra-speaker variability, taking into account the effect of surrounding vowels
[13, 32] and the role of other gestures. Second, it is
possible that some liquids are laterals, as pointed out
previously, but not necessarily apical laterals with
tongue curling. More detailed quantitative analyses taking into account the palate shape and acoustic
consequences are in order, as well as further analyses with more temporal and spatial resolution to see
what caused the relative consistency across length.
It is also possible that /rr/ is realized as an apicoalveolar lateral tap, with prolonged tongue tip constriction and a tap-like release, described as a postpausal variant of /r/ in [1]. The place of geminated
liquids is still marginal in Japanese phonology, and
the status may be responsible for the variability observed here. We hope that this line of investigation
contributes to the understanding of liquids in general [19, 20, 24], the featural content of Japanese /r/
[16, 9, 23, 17], as well as L2 acquisition and pedagogy of liquids for Japanese speakers [11].

Singleton
Geminate

−4

01

02

03

04

05

06

07

08

Speaker

Table 4: Frequency of coronal shape pattern per
speaker, based on the lateral indices.

Geminate

03

Speaker

4

Length
Singleton

02

Pattern
Concave
Convex
Right-low
Left-low
Concave
Convex
Right-low
Left-low

S1
8
1
0
0
6
1
0
2

S2
0
5
4
0
0
9
0
0

S3
2
2
0
5
2
2
2
3

S4
4
1
3
1
1
0
7
1

S5
6
2
0
1
5
0
0
2

S6
0
1
8
0
1
0
8
0

S7
0
9
0
0
0
8
1
0

S8
6
0
0
4
4
2
1
3

total
26
21
15
11
19
22
19
11

Overall, 68% of the productions had either or both
sides of the tongue blade lowered, possibly allowing
airflow through the lowered side(s) of the tongue.
3.4. Mid-sagittal curvature

Fig. 5 shows the difference in height between TT
and TB at the gestural extrema of TB, as an indirect index of tongue curling [28, 34]. A positive
value suggests tongue curling (TB is lower than TT),
while a negative value suggests otherwise (TB is
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ABSTRACT

tongue dorsum gesture is similar to that of back vowels [5], some studies have focused on lateral production only in front vowel contexts [e.g., 16, 18, 22].
/l/-vocalisation is characterised by lenition of tongue
tip contact; therefore, it is difficult to capture before a coronal consonant because a tongue tip gesture can be attributed both to the alveolar consonant
and to /l/. Auditory impressionistic classification
can distinguish vocalised and non-vocalised /l/ [e.g.,
1]; however, that is an indirect measurement.
We aimed to develop a technique that has the potential to quantify and characterise /l/ lenition and
vocalisation by tracking change in tongue elongation during /l/ production. Tongue elongation results
from /l/ having complex articulation: /l/ involves the
simultaneous raising and/or fronting of the tongue
apex and retraction of the tongue dorsum [6, 11, 18],
resulting in lingual elongation along the midline of
the vocal tract [11, 15]. In contrast, coronal stops
and non-front vowels would not be expected to show
tongue elongation as coronal stops do not require
tongue retraction and non-front vowels do not require tongue tip fronting. Vocalised /l/ may be expected to show reduced tongue elongation, as it is articulated without a tongue tip contact with the alveolar ridge [6, 7]. This suggests that tongue elongation
might be a metric that can distinguish non-vocalised
/l/ from vocalised /l/. To capture tongue elongation,
we computed the distance between the tongue tip
and the tongue dorsum during /l/ production in front,
back, and low vowel contexts. We also compared
tongue tip and tongue dorsum trajectories of /l/ to
/d/ to determine how they contribute to tongue elongation. We hypothesised that (1) in accordance with
previous research, the tongue would be more elongated in /l/ than in /d/ in all vowel contexts; and (2)
onset /l/ might be more elongated than coda /l/, due
to potential lenition or vocalisation of coda /l/.

English /l/ is a multi-gestural segment produced with
dorsal retraction and lowering and a central alveolar closure. The coordination of antagonistic coronal
and dorsal gestures prototypically results in lingual
elongation. Although intergestural coordination in
laterals has been widely studied, less is known about
articulatory configuration in Australian English /l/
—a dialect characterised by coda /l/-lenition [1, 2].
We explored tongue elongation as a potential metric of /l/-lenition. The timecourse of lingual elongation was examined in laterals produced by two
Australian English speakers using electromagnetic
articulography. Tongue elongation was greater in
onsets and codas containing laterals compared to onsets and codas containing /d/. Coda laterals showed
less elongation than onset laterals. Quantifying lingual elongation can potentially differentiate onset /l/
from lenited or vocalised /l/ across a variety of vocalic and consonantal contexts by capturing a key
characteristic of /l/ in environments where coronal
and dorsal gestures are often unmeasurable.
Keywords: laterals, goals of /l/ articulation, /l/vocalisation, Australian English
1. INTRODUCTION
The English lateral approximant and its allophonic
variation between clear, dark, and vocalised /l/
has been studied widely both because of its social salience and implications for syllable structure
[1, 3, 4, 5, 6, 8, 9, 10, 15, 16, 18]. /l/-vocalisation
—the realisation of /l/ with no alveolar closure —has
been studied with articulatory [7, 12, 13, 17] and
acoustic impressionistic [1, 8, 9, 10] methods, showing that the likelihood of /l/-vocalisation depends on
the place of articulation of adjacent segments.
However, /l/-articulation is hard to measure, as articulatory analysis requires contrasting /l/ gestures
with the gestures of surrounding segments. As the
coronal gesture of /l/ does not contrast with following homorganic alveolar consonants, some studies
avoided a following alveolar [e.g., 16, 21] or used it
as a baseline to elicit unvocalised /l/ [13, 14]. As the

2. METHODS
2.1. Participants

Two female native speakers of AusE participated in
the study. Participants were students of linguistics,
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Figure 1: Tongue sensor placements viewed from top.

naive to the purpose of the experiment, who did not
report any hearing, speaking, or reading difficulties.
Participants received $80 for their time.

tongue dorsum

2.2. Material
tongue right

Twenty-four unique monosyllabic words containing
/i:, I, 5:, 5, o:, O/ were selected from an experimental
corpus (Table 1). Target words combined real words
of varying frequency and non-words. Although /l/vocalisation is sensitive to lexical frequency [13],
we did not find a difference in tongue tip position
and elongation between real words and nonwords
in a pilot with one participant. Target words were
elicited in a carrier phrase with antagonistic vowel
contexts: “far;
HARP” and “fee;
HEAP” for
front and non-front vowels respectively. Non-target
consonants were /p/, /f/, or /h/ to minimise lingual
coarticulation. A semicolon was introduced after the
first word to minimise resyallbification between target and carrier phrase. The last word was set in capitals to maintain consistent prosody across trials.

/d/
Onset
deep
dip
dorp
dop
darp
dup

Coda
peed
pid
poured
pod
pard
pud

sensor was attached to the lower and one to the upper
lip to track lip aperture and rounding. A sensor was
attached to the lower gumline to track jaw movement. Three reference sensors (nasion, left and right
mastoid) were used to correct for head movement.
The occlusal plane was located with a bite trial and
the palate was traced with a palate probe.
2.5. Data analysis

24 (targets) × 8 (repetitions) × 2 (participants) =
384 tokens were recorded. 14 tokens (4 from W1, 10
from W2) were excluded from analysis due to being
misread, leaving 370 tokens for analysis. A maximal
analysis window was defined from the midpoint of
the vowel gesture in the first word (T0) to the midpoint of the vowel gesture in the last word (T1) of
the carrier phrase (Fig. 2). That is, for the phrase
fee; Paul HEAP, the gestural midpoint of /i:/ in fee
was selected as T0, and the gestural midpoint of /i:/
in HEAP was selected as T1 (Fig. 2). For each token, the gestures defining the analysis window were
determined visually using MView [19]. From this
window, unfiltered trajectories of TT and TD movement were extracted [20]. We calculated a tongue
elongation trajectory (TE) as the Euclidean distance
between the TT and TD sensors (horizontal and vertical positions) at each point in time.

/l/
Onset
leap
lip
lorp
lop
larp
lup

tongue left

tongue tip

Table 1: Target words without carrier phrase.

Vowel
Context
/i:/
Front
/I/
/o:/
Back
/O/
/5:/
Low
/5/

tongue body

Coda
peel
pill
Paul
pol
parl
puhl

2.3. Procedure

Participants were seated approximately 50 cm from
a computer screen and were introduced to the task
and the experimental materials with a short practice
block. Participants read the phrases aloud. Each trial
began with a blank screen for 500 ms, followed by
the stimulus for 2000 ms. After 2000 ms, the experiment automatically moved on to the next trial.
Items were presented once per block in a random order. The block was repeated 8 times, providing 192
target words per participant.

Figure 2: Analysis window exemplified by fee Paul
HEAP. Top panel: waveform. Middle panel: vertical location of tongue body. Bottom panel: tongue elongation.
Boxes mark gestures. T0 marks the start of the analysis
window at the gestural midpoint of the first vowel and T1
marks the end at the gestural midpoint of the last vowel.

2.4. Data acquisition

Articulatory data were acquired using an NDI Wave
system sampling each sensor at a rate of 100 Hz.
Eleven sensors were attached to the participant.
Five sensors were attached to the tongue to track
lingual articulation: three midsagittal (tongue tip
(TT), tongue body, tongue dorsum (TD)) and two
parasagittal sensors (right and left) (Fig. 1). One
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Figure 3: Change in tongue elongation over normalised
time (T0 to T1). Left: /l/ vs. /d/ in onset. Right: /l/ vs.
/d/ in coda. Top: W1. Bottom: W2. Shaded bands show
95% confidence intervals. Red vertical bars mark greater
tongue elongation associated with /l/ as in Fig. 4.

We analysed tongue movement trajectories in the
selected window using generalised additive modeling (GAM) [20]. GAM is a non-linear regression
model which can be used to analyse change in articulatory trajectories over time by computing the bestfitting non-linear basis function for a trajectory [20].
TE, and horizontal and vertical TT and TD trajectories were time-normalised to account for differing length of the trajectories and modeled separately for both speakers and both positions; as a
result 5 (trajectories) × 2 (participants) × 2 (onset
and coda) = 16 models were built. We modeled TE,
TT, TD trajectories as the function of consonant segment (/l/ compared to baseline /d/) and vowel context (front and back vowels compared to baseline
low) using GAM with thin plate regression splines
as basis functions. Random effects were not added
as speakers were modelled separately.

Figure 4: Difference in tongue elongation over normalised time (T0 to T1) comparing /l/ to /d/. Left: /l/ vs.
/d/ in onset. Right: /l/ vs. /d/ in coda. Top: W1. Bottom:
W2. Shaded bands show 95% confidence intervals. Red
lines on the X-axis and red vertical bars indicate areas of
significant difference.

3. RESULTS
3.1. Tongue elongation

Tongue elongation was greater in /l/ than in /d/ for
W1 in both syllable onset (β = 0.88, F(1, 8714) =
7.48, p = 0.006) and coda (β = 0.74, F(1, 9050) =
6.18, p = 0.01). For W2, tongue was more elongated
in /l/ than in /d/ in the onset (β = 1.96, F(1, 5492) =
11.85, p < 0.001), but less elongated in the coda
(β = −0.47, F(1, 5146) = 7.79, p = 0.005) (Fig. 3).
Tongue elongation occurs in the first half of the analysis window in onset /l/, and in 50%–80% of the
analysis window in coda /l/ for W1 (Fig. 4). Greater
tongue elongation in W2’s coda /d/ might be an artifact of a too-large analysis window as the tongue
seems to be more elongated in /l/ than in /d/ in 50%–
75% of the analysis window, and less elongated elsewhere (Fig. 4). Tongue elongation in onset and coda
/l/ was not compared in the same model; however,
comparing estimates across models indicates greater
tongue elongation in onset than in coda /l/.

4. DISCUSSION
The aim of this study was to develop a metric of
tongue elongation that can potentially quantify /l/vocalisation. In accordance with our first hypothesis and previous research [3, 11], the tongue was
more elongated in /l/ than in /d/, except for W2’s
codas. Tongue elongation may distinguish /l/ from
surrounding segments, whereas the tongue tip gesture of /l/ is similar to coronal stops and the tongue
dorsum gesture is similar to non-front vowels. Thus,
the tongue elongation metric could be used to automatically identify the point in time at which lingual
elongation is maximised in different environments.
Tongue elongation may occur because of the
fronting of the tongue tip and the lowering of the

3.2. TT and TD trajectories

Tongue tip and tongue dorsum were fronted during
the production of /l/ compared to /d/ in onset and
coda position for both speakers (Table 2, TTx and
TDx trajectories). Tongue dorsum was lowered during the production of /l/ compared to /d/ in coda
position for both speakers, and in W1’s onset (Table 2, TDz trajectories). Tongue tip gesture of /l/
was only lowered compared to /d/ in W1’s coda. TT
fronting was always greater than TD fronting, except
for W2’s coda (Table 2, β ). TT and TD trajectories
are illustrated by W1’s production, as W2 produced
a similar pattern (Fig. 5).
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Table 2: Effect of /l/ on TT and TD. TTx and TDx: horizontal movement. TTz and TDz: vertical movement.
Position

Speaker
W1

Onset
W2

W1
Coda
W2

Trajectory
TTx
TDx
TTz
TDz
TTx
TDx
TTz
TDz
TTx
TDx
TTz
TDz
TTx
TDx
TTz
TDz

β
2.49
1.51
-0.68
-1.88
3.83
2.35
0.02
0.47
3.26
2.25
-1.40
-2.43
0.98
1.33
0.56
-3.17

tongue tip fronting may indicate that only the tongue
tip gesture of /l/ has a fronted target, whereas tongue
dorsum fronting might result from being coarticulated with the tongue tip.
In W1’s speech, the magnitude of tongue elongation of /l/ compared to /d/ was greater in syllable onset than in coda, which is consistent with our second
hypothesis, showing lenition in coda /l/. Although
the tongue tip was more fronted in coda compared
in onset position, it was also lowered, indicating lenition. This finding indicates that reduced tongue
elongation may provide a consistent measurement of
coda /l/ lenition in a variety of segmental contexts.
In contrast with tongue elongation, tongue tip position is likely to be conflated with a following alveolar consonant.
W2’s coda /l/ production shows a different pattern: the overall estimate showed the tongue dorsum
to be more fronted in coda /l/ compared to coda /d/
relative to the tongue tip difference between these
two consonants. Consequently, tongue elongation
was smaller in coda /l/ than in coda /d/. In contrast to
the overall estimate, the tongue seemed to be more
elongated in /l/ compared to /d/ in the part of the
analysis window associated with the coda. In the rest
of the analysis window, corresponding to the vowels in the carrier phrase and the target word, tongue
was more elongated when the target word contained
coda /d/ compared to coda /l/. That is, the results are
inconclusive as the overall effects might indicate /l/vocalisation, whereas a more detailed temporal analysis suggests that the analysis window needs to be
smaller.

p
< 0.001
0.001
0.2
0.01
< 0.001
< 0.001
0.95
0.63
< 0.001
< 0.001
0.002
< 0.001
< 0.001
0.002
0.11
0.001

Figure 5: Change in TT and TD movement over normalised time (T0 to T1) in W1’s speech. Left: horizontal
displacement. Right: veritcal displacement. Top row:
TT. Bottom row: TD. Shaded bands indicate 95% confidence intervals. Red vertical bars mark greater tongue
elongation associated with /l/ as in Fig. 4.
(a) Analysis window contains /d/ and /l/ in onset position.

5. CONCLUSION
These data demonstrate the utility of tracking
change in tongue elongation as a metric for lateral
production. The tongue might be less elongated in
coda /l/ compared to onset /l/, consistent with the
lenition of the tongue tip gesture in coda /l/ observed in AusE. Future research on the articulatory
characterisation of /l/ may include direct comparison of tongue elongation in onset and coda position
to quantify /l/ vocalisation.

(b) Analysis window contains /d/ and /l/ in coda position.
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tongue dorsum gestures. Both tongue tip and dorsum are fronted in /l/ compared to /d/, but greater
fronting in the tongue tip compared to the dorsum
fronting leads to elongation. The more extensive
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ABSTRACT
This paper presents the results from an
investigation of asymmetries in speech articulation
on the basis of 1,502 previously published
palatograms of a wide variety of speech sounds in a
range of languages. For each palatogram, the
direction and degree of tongue-palate contact was
quantified by means of an index capturing the
degree of lateral asymmetry. The results of this
investigation show that lingual asymmetry in the
articulation of speech sounds is substantial: 83% of
the palatograms are asymmetrical. With respect to
the direction of the asymmetry it is found that the
asymmetry is more often towards the left side of the
palate (45%) than to the right side (38%). Further
analysis reveals that there are significant differences
in both the direction and the degree of the
asymmetry as a function of manner and place of
articulation.
Keywords: Speech Production,
asymmetry, Palatography.

Articulation

1. INTRODUCTION
In studies of speech production, it has often been
implicitly assumed that articulation is symmetrical
in the transverse plane of the vocal tract. In terms of
tongue contact with the hard palate, this means that
contact with the right-hand side of the palate is
equally extensive as contact with the left.
Nevertheless, palatograms visualising tongue-palate
contact patterns published in instrumental studies of
speech often show asymmetrical tongue-palate
contact, although this finding is rarely explicitly
mentioned.
To the best of our knowledge, asymmetries in
articulation have not been subject to widespread
investigation. There have been a few studies on
asymmetry in mouth opening during the articulation
of speech sounds. These studies have suggested that
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there is significantly greater right-sided (as opposed
to left-sided) mouth opening during speech, in both
left-handers and right-handers and in men as well as
women [1]. In addition, it was found that mouth
asymmetry is related to task factors: there was
greater right-sided asymmetry in purely verbal tasks
(i.e., generating words lists, rhyming, verbal
definition) and less right-sided asymmetry in more
emotional/visual
tasks
(describing
recalled
situations) [2]. This could suggest differential
involvement of the hemispheres in different types of
tasks in that the left hemisphere subserves verbal
tasks, while the right hemisphere is more actively
involved in emotional and affective processing. This
finding was consistent with an earlier study on
mouth asymmetry in aphasic speech [3], which
showed more right-sided asymmetry during
propositional speech and more left-sided asymmetry
in automatic and emotional speech. Taken together,
these observations suggest that mouth asymmetry
may be a reflection of the relative participation of
the two hemispheres of the brain in controlling an
individual’s expressive speech. According to this
premise, the left hemisphere is more involved in
propositional language tasks, while the right
hemisphere is more involved in automatic and
emotive language tasks associated with concurrent
emotional or visual activities.
Asymmetries in tongue posture during the
articulation of speech sounds have only been
systematically investigated in [4], [5], [6] and [7].
[4] is an electropalatography (EPG) study of tonguepalate contact in the pronunciation of /s/ and /l/ in
five native speakers of American English (2 males
and 3 females). The results of this study revealed (1)
that there was significant lingual asymmetry in
tongue-palate contact in both speech sounds and (2)
that the direction of the intraspeaker asymmetry was
not necessarily the same in /s/ and /l/. While
articulatory asymmetry was predominantly towards

the right for /l/, asymmetry in /s/ was often towards
the left.
The
relationship
between
articulatory
asymmetries and handedness was investigated in [5]
based on 357 speakers. Data were collected relating
to the asymmetry in the articulation of /l/, the
direction of the air channel in /s/, and self-reported
handedness. For /s/ the asymmetry was determined
on the basis of the greatest resonance response in a
cocktail straw that was moved left and right just
below the edges of the upper teeth. The asymmetry
of /l/ was determined by asking speakers to
pronounce the lateral while breathing inward. The
tongue will feel colder on the side that is not in
contact with the roof of the mouth. This study
reported that symmetrical articulations were
substantially more frequent than asymmetrical
articulations (57% vs. 43%). Furthermore, of the
articulations that were found to be asymmetrical,
those with greater left-sided tongue contact
outnumbered those with more right-sided contact
(24% vs. 19%). The conclusion of this study is that a
relationship between the incidence of asymmetries
and speaker handedness cannot be substantiated.
[7] investigated the relationship between crosssectional tongue shape and tongue-palate contact
patterns in a native speaker of English. This was
done by means of ultrasound (to investigate crosssectional tongue shape) and electropalatography (to
investigate tongue-palate contact patterns). This
study showed that there was a clear correlation
between cross-sectional tongue shape and tonguepalate contact patterns: higher tongue contours
reflected greater tongue-contact on the right. The
asymmetry did not originate from an anatomical
asymmetry in palate shape since the left side of the
palate in this speaker was lower than the right side.
Thus the greater contact on the right suggested a
“greater movement and possibly a greater effect in
right tongue elevation” (p. 269).
[8] was an EPG study of the lingual dynamics of
the consonants /t/ and /k/, as well as the
combinations /lk/ and /kl/ in three native speakers of
Italian. This study was part of a larger investigation
which reportedly also collected data for English and
French [7]. All the Italian participants showed some
degree of asymmetry, which was variable both in
direction and degree. As far as the lingual dynamics
are concerned, it was suggested that “the lingual
approach to the palate occurs earlier with one side of
the tongue, and that the break of the closure is first
made with the opposite side of the tongue” (p.212).
From this literature, it can be concluded that there
is a great deal of inconsistency in the reported data,
with some studies showing that asymmetries are
common, while others have found symmetrical
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articulations to be more frequent. Furthermore, it is
not clear what causes asymmetries: anatomical
differences between speakers, motor preference,
language dominance, physiological differences in
muscle strength and geometry of the hard palate.
While some of these aspects are presently being
investigated in a series of experiments, the objective
of this study is to first and foremost document
articulatory asymmetries on the basis of palatograms
that have been published in professional journals.
More specifically, the aim is to examine tonguepalate contact during the articulation of speech
sounds in a wide variety of languages, speakers and
contexts.
2. METHODOLOGY
The starting point of this study was a substantial
collection of palatograms published in scientific
journals that have a prime interest in the
investigation
of
speech.
Palatograms
are
visualisations of the contact patterns between the
tongue and the hard palate. Thus they provide
objective information about the spatial distribution
of tongue contact with the palate. Only palatograms
obtained by electropalatography were included in
this study, since static palatograms are not very
representative of dynamic speech. Furthermore, the
contact area between the tongue and the palate is
much more difficult to quantify objectively than in
EPG.
2.1. Journal selection

For this study, the contents of 5 scientific journals
were scrutinized for articles on electropalatography
that contained pictures of speech-sound palatograms.
These journals were: Journal of the International
Phonetic Association (JIPA), Language and Speech
(LAS), Journal of the Acoustical Society of America
(JASA), Journal of Phonetics (JOP) and Clinical
Linguistics and Phonetics (CLP). These were chosen
because their main focus is the study of speech.
Furthermore, these journals have a high reputation in
the field: 2017 impact factors were 0.75, 1.235,
1.572, 1.519, and 1.191 respectively. Finally, articles
submitted to these journals are peer-reviewed,
implying that the quality of the research has been
verified externally by specialists in the field.
Each journal was screened from 1970 onwards,
except for Clinical Linguistics and Phonetics and
Journal of Phonetics, which were screened from
1995 onwards. In collecting the palatograms, only
those originating from native adult speakers (over
18), in a non-clinical population, were considered.
EPG studies focusing on pathological speech and
swallowing were excluded.

2.2. Information processing

The number of EPG papers considered per
journal were as follows: JIPA 25, LAS 10, JASA 17,
JOP 18, CLP 33. All these articles were checked for
the presence of palatogram pictures. Each picture
was photocopied and information was recorded
about the speech sound involved, the language
(variety) and the speaker (age, gender). Furthermore,
the total number of active electrodes for each
palatogram was determined, as well as the number
of right-sided and left-sided activations with respect
to the midsagittal line of the palate.
In total, 1,502 palatograms were collected. The
distribution of palatograms in the different journals
was as follows: JIPA 424, LAS 205, JASA 150, JOP
150, CLP 443, other journals 130.
The palatograms represented speech sounds in 10
different languages (Spanish, English, Norwegian,
Japanese, Italian, Greek, German, French, Croatian,
Tamil). This includes 6 varieties of English
(American, Australian, British, Hiberno, Canadian
and Scottish), 2 varieties of Catalan (Majorcan and
Valencian), and 3 varieties of Spanish (Peninsular,
Argentinian and Cuban). A total of 225 speakers
were represented, 94 of whom were female
(41.77%) and 111 were male (49.33%). In 20
palatograms (8.88%) the gender of the speaker had
not been specified in the source.

contact on the left (45%) outnumber those with more
contact on the right (38%).
3.2. Direction of asymmetry

The direction of the asymmetry can be specified
as left or right on the basis of the index of
asymmetry. A negative index has more tonguepalate contact on the left, while a positive one has
more contact on the right. The factors affecting the
direction of asymmetry were analysed by means of a
nominal logistic fit. Asymmetry direction (left vs.
right) was the dependent variable, while gender,
voice, place and manner were the independent
variables. The results show a significant main effect
of both the manner of articulation and the place of
articulation on the direction of asymmetry: manner
χ2 = 21.0887, p < 0.0036; place χ2 = 15.6584, p <
0.0157. Gender and voicing were not significant.
The proportions of the asymmetries for the different
manners of articulation are summarized in Figure 1.
Thus, for each manner of articulation, the bars in
dark shading show the proportion of palatograms
that exhibit left-sided asymmetry and the bars in
lighter shading denote right-sided asymmetry. From
It is clear that the manners of articulation with the
strongest directionality (with regards to asymmetry)
are trills, taps and approximants. Figure 2 shows that
asymmetry is most strongly directional for alveolar
and velar sounds.

2.2. Data Analysis

For each palatogram, an index of asymmetry was
calculated which reflects the degree and the
direction of the asymmetry [6]:

Figure 1: Proportions of palatograms showing left
and right asymmetry as a function of manner of
articulation.

Ias = (Nr – Nl) / (Nr + Nl)
In this formula, N is the total number of contacts, r is
the number of contacts on the right side, and l is the
number of contacts on the left side. This index
captures the direction of the asymmetry (negative
values have more contacts on the left, positive
values have more contacts on the right) as well as
the size of the asymmetry (values range between 0
and 1 with higher values representing greater
asymmetry).
3. RESULTS
3.3. Degree of asymmetry

3.1. Number of asymmetries

As far as the total number of asymmetries in the
data is concerned, it is found that palatograms
showing an asymmetrical pattern are the most
frequent observation, comprising 83% of images.
The asymmetries with more extensive tongue-palate
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The degree of the asymmetry was analysed
using linear mixed models in R [9]. The
models consisted of two components: a
random and a fixed part.

Figure 2: Proportions of palatograms showing left
and right asymmetry as a function of place of
articulation.

The effects summarized in Table 1 indicate that
the degree of asymmetry in fricatives is larger (x =
0.146) than in the other manners of articulation (x =
0.104).
4. DISCUSSION AND CONCLUSIONS

The random effect was speaker ID. This part
controls for the random variation at the individual
level. The fixed effects consisted of gender, voicing,
place of articulation and manner of articulation.
These main effects were also crossed to look at the
interactions between effects. Although the
interactions are not discussed in this paper, they
contributed to the best-fit model to the data. The
models were built up hierarchically by adding one
fixed effect at a time and comparing the new model
to the old model using the Anova function in R. The
goal was to arrive at the best-fit model for the data,
i.e., the model explaining the largest amount of
variance with the fewest predictors. The Tukey HSD
procedure was used for subsequent post-tests on
interaction effects. Only the best-fit model is
reported.
The multilevel analysis of the size of asymmetry
revealed that gender has no significant effect on the
degree of asymmetry (Estimate = -0.005, S.E. =
0.01, t = -0.48, p = 0.62). The post-tests on place of
articulation revealed no significant effects. However,
the post-tests on manner of articulation revealed a
number of significant differences. As shown in
Table 1, significant differences always involve
fricatives.
Table 1: Significant effects in the post-tests
concerning manner of articulation.
Contrast

Estimate Standard z-value
Error

p

FricativeAffricate

0.46

0.07

6.74

<.001***

ApproximantFricative

-0.49

0.09

5.52

<.001***

NasalFricative

-0.12

0.04

3.21

0.2*

PlosiveFricative

-0.41

0.07

5.71

<.001***

Tap-Fricative

-0.58

0.13

4.56

<.001***
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This study set out to collect a large number of
EPG palatograms from studies investigating aspects
of lingual articulation. For each of these 1,502
palatograms an index of asymmetry was calculated.
The most important conclusion from this study is
that the overwhelming majority of palatograms
(83%) show asymmetry. This corroborates previous
studies on lip asymmetry, which found that
asymmetrical mouth opening was a consistent
characteristic of spontaneous speech. The conclusion
also agrees well with [6], where the authors found
asymmetrical tongue-palate contact in the speech of
all their subjects. Consequently, this study does not
confirm the findings of [5], where it was reported
that symmetrical articulations were the more
common scenario (i.e., an incidence of 57%).
As far as the direction of the asymmetry is
concerned, it was found that there is a significant
relationship between the direction of asymmetry and
the manner of articulation: in trills, taps and
approximants, there is more tongue-palate contact on
the left, whereas in plosives and fricatives, contact is
more extensive on the right. Furthermore, there was
a significant relationship between the direction of
asymmetry and the place of articulation of the
speech sound, with more contact on the left for all
places of articulation except for palatals. These
findings are consistent with [6] in the sense that the
latter study also reported differences in asymmetry
depending on the place and manner of articulation.
In this study it was not possible to investigate the
relationship between the direction of asymmetry and
handedness because handedness was never reported
in the collected articles. However, the study of [5]
seems to suggest that such a relationship cannot be
substantiated.
Finally, this study also investigated the degree of
asymmetry as a function of the different speech
sounds. Although there was no significant
relationship with place of articulation, it was found
that there is significantly more asymmetry in
fricatives than in most other manners of articulation.
This may suggest that speakers maximize
articulatory asymmetries in fricatives in order to,
e.g., most efficiently generate the optimal
aerodynamic conditions for creating turbulence in
this sound class. This implies that lingual asymmetry

for specific classes of speech sound is learnt by
speakers as a dimension of articulation.
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ABSTRACT
It has recently been shown that talkers are capable of
simultaneously adapting multiple vowels to an alteration of auditory feedback during the production of
complex, variable sentences [1]. The present study
extends this work by examining adaptation to a more
complex, physical alteration of the speech motor system (palatal prosthesis) that impacts both auditory
and somatosensory feedback. Acoustic and kinematic
measures (electromagnetic articulography of the
tongue) were used to assess the initial impact of the
perturbation on a range of vowels and consonants, as
well as learned changes following 20 minutes of practice producing variable sentences with the prosthesis
in place. Kinematic analyses revealed robust, systematic perturbation and motor learning effects across all
speech sounds, indicating that talkers are capable of
rapid adaptation in the production of multiple sounds
across the articulatory workspace following a physical alteration of the vocal apparatus.
Keywords: Production, adaptation, oral kinematics
1. INTRODUCTION
In addition to a high degree of articulatory precision
in speech production, competent talkers demonstrate
considerable flexibility in oral motor patterns used to
attain speech goals. The capacity for rapid, sensorydriven speech motor adaptation has been examined in
numerous experimental studies involving real-time
alterations of auditory feedback during speech production [1-7]. The vast majority of these studies have
examined adaptation in very narrow contexts within
any given experiment, e.g., one vowel within a small
set of words [1-3], or a limited number of acoustically
similar sentences [4-6]. In striking contrast to this
prior work, a recent study has demonstrated that talkers are capable of reorganizing speech motor control
across the entire vowel space following auditory feedback perturbations affecting multiple sounds during
the production of variable sentences [7].
Sensorimotor adaptation to altered auditory feedback focuses on one component of sensory feedback
during speech. However, speech has been shown to
rely critically on both auditory and somatosensory
feedback to achieve targets in both of these sensory
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domains [8]. In contrast to purely auditory manipulations, physical alterations of the speech apparatus involve changes in both auditory and somatosensory
feedback, highlighting the role of both sources of sensory feedback in speech motor learning and control.
Similar to studies involving altered auditory-feedback, studies examining adaptation to physical perturbations have, to date, been narrow in scope [9-12].
Here, we explore whether talkers are capable of
adapting multiple speech sounds spanning the articulatory workspace (including various consonants and
vowels) to a physical perturbation of the vocal tract
involving a change in the shape of the hard palate,
significantly impacting both auditory and somatosensory feedback. Palatal perturbations have been studied extensively in terms of acoustic changes related to
a small number of sounds focusing on the alveolar/palatal region (e.g., /s/, /t/; [11,12]). While the
acoustic effects appear limited to those sounds directly involving the palate, kinematic measures have
suggested that this manipulation impacts articulatory
speech movements beyond the palatal region [13].
Capitalizing on these prior findings, we used a palatal prosthesis combined with kinematic measures of
the tongue to explore whether talkers are capable of
rapidly adapting the control of multiple speech
sounds across the articulatory workspace to a complex physical perturbation during production of complex, variable sentences.
2. METHODS
Nine adult participants (5 male, 4 female, native
speakers of North-American English) with no history
of speech, hearing or language disorder were tested.
All procedures were approved by the IRB of the Faculty of Medicine, McGill University.
A custom-made palatal prosthesis was constructed
for each participant by taking an alginate dental impression of the upper teeth and hard palate and producing a stone cast. A thermoplastic material was applied to the alveolar region of the cast to produce a
rigid prosthesis following dimensions similar to those
used in prior studies [11-13]: 6 mm thick ridge immediately behind to the upper incisors, tapering to 1 mm
thickness at a distance of 2 cm.
Participants carried out a series of four speech tests,
each involving the production of 8 different

symmetrical vowel-consonant-vowel pseudo-words
containing the vowels /i/ and /æ/, combined with the
consonants /s/, /t/, /k/ and /p/. Each word was produced 8 times in randomized order, totaling 64 productions per test. Four such speech tests were carried
out in the following sequence (Figure 1): 1) immediately prior to insertion of the palatal prosthesis (Test1), 2) immediately following insertion of the prosthesis and prior to the practice period with the palate in
place (Test-2), 3) immediately following speech practice with the prosthesis in place (Test-3), and 4) immediately upon removal of the prosthesis (Test-4).
Following speech Test-2, participants underwent a
period of speech practice with the prosthesis in place,
consisting of reading aloud a set of 47 sentences
(drawn from the Harvard Sentences [14]) containing
approximately balanced proportions of the four consonant sounds used in the speech test. The entire set
of 47 sentences was read four times, each in a different randomized order (~20 minutes total duration).
Acoustic recording and analysis. Speech acoustics
were recorded digitally (16-bit, 22500 kHz) using a
directional microphone (ME66, Sennheiser, Germany) positioned 1 meter from the participant to reduce interference with the electromagnetic positional
measurement system. For consonants, following prior
studies of adaptation to palatal prostheses [12,13],
analysis focused on the first spectral moment (spectral centroid) computed over a 20-msec window at the
mid-point (for /s/) or aligned at burst onset (for /t/, /k/
and /p/). For vowels, F1 and F2 frequency were estimated using LPC over a 40-ms window centered at
the vowel mid-point. The analyses of vowel formants
focused only on the initial vowel in each VCV sequence (V1), in order to minimize the contribution of
carry-over co-articulation effects from the consonant.
For each subject, within each of the four speech
tests, the consonant and vowel acoustic measures
were first averaged across the 8 repetitions of each
VCV context. These average measures were then
transformed into a set of difference scores representing the four primary experimental effects of interest:
1) the effect of palate insertion (Test-2 - Test-1), 2)
the effect of speech training with the palate in place
(Test-3 - Test-2), the effect of palate removal (Test-4
- Test-3), and 4) the after-effect (Test-4 - Test-1; see
Fig. 1, top).
Statistical analyses were subsequently carried out
on these transformed scores, using repeated-measures
ANOVA to test for effects of CONSONANT (s, t, k, p)
and VOWEL (i and æ) contexts. One-sample t-tests
(Holm-Bonferroni corrected) were used to test
whether the transformed scores representing the effects of palate insertion, training, removal and aftereffects were reliably different from zero.
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Figure 1: The sequence of palate insertion (bottom), the different speech tasks (middle), and the
four experimental effects of interest (top).
AFTER-EFFECT
INSERTION

Test 1
NO PALATE

TRAINING

Test 2

Practice
WITH PALATE

REMOVAL

Test 3

Test 4
NO PALATE

Kinematic measurement and analysis. Kinematic
measurement of the tongue, jaw and head was carried
out using an electromagnetic articulograph (AG500,
Carstens, Germany), at 200 samples per second. Two
sensors were placed mid-sagittally on the tongue,
with one at the blade (1.5 cm from apex) and one at
the dorsum (4.5 cm from apex), and one was affixed
to the mandible at the lower incisors. Sensors affixed
to the upper incisors, left mastoid and nasion were
used to transform raw 3D tongue/jaw positions into a
head-centered coordinate frame aligned with the occlusal plane (determined per subject using a triangular bite-plate with 3 sensors). The present analyses focused on tongue position in the mid-sagittal plane.
Kinematic data analysis followed the approach outlined for the acoustic measures. Tongue sensor positions (mid-sagittal x and y in mm), taken at the midpoint of production (for /s/, /i/ and /æ/) or burst onset
(for /t/, /k/ and /p/), were averaged across the 8 repetitions of each VCV within each of the four speech
tests. These averages were then converted into difference scores, yielding a vector (with an amplitude and
direction to be analyzed separately) representing the
tongue position change associated with the four key
effects of interest: palate insertion, training, removal
and learning after-effects.
Statistical analyses were carried out on measures of
vector amplitude using rANOVA to test for effects of
VCV CONTEXT (8 vowel/consonant combinations),
and POSITION within the VCV (V1, C, or V2). Onesample t-tests were used to assess whether changes
were reliably different from zero. For measures of
vector directions, circular 1-way ANOVA (WatsonWilliams test) was used to examine the difference between phonemes. Non-uniformity of angles among
talkers was examined using Rayleigh tests [13].
3. RESULTS
3.1 Acoustics – Consonants

Changes in consonant centroid frequency associated
with palate insertion and removal are shown in Figure
2A. Immediately following palate insertion, centroid
frequency is seen to decrease for production of /s/, /t/,
and to a smaller degree, /k/ (blue bars). A change in

the opposite direction is observed immediately upon
palate removal (red bars).
For the insertion effect, a significant main effect of
CONSONANT was found (p < .05), but not of VOWEL
and no interaction. Averaging across vowel contexts,
t-tests vs. zero showed a significant change following
insertion for /s/, /t/, and /k/ (p < .05). The effect of
palate removal mirrored the insertion effects, with a
significant main effect of CONSONANT and significant
t-tests vs. zero for /s/, /t/, and /k/ (p < .05).
Figure 2: Acoustic changes in consonant production. Error bars show ±1 SE.

A

Figure 3: Acoustic changes in F1 (left half of each
panel) and F2 (right half). Error bars show ±1 SE.

A

B

F1

F2

F1

F2

Figure 3B shows changes associated with training
and the learning after-effect for F1 and F2. For F1,
rANOVA main effects of VOWEL and CONSONANT ,
and the interaction, were not statistically reliable. No
reliable difference from zero was observed for either
insertion or removal. For F2, none of the main effects
or interactions were significant. The change in F2 vs.
zero (averaging across vowel and consonant contexts)
was statistically reliable for training (p < .05), but not
the after-effect.

B

Changes in centroid frequency following 20minutes of speech practice, as well as the learning after-effect, are shown in Figure 2B and can be seen to
be small in amplitude in comparison to the insertion/removal effects (for /s/ and /t/). No main effect
of CONSONANT or VOWEL and no interaction were
found (p > .05). The change vs. zero, averaged across
all VCV contexts was also not significant. Because
prior studies using palatal perturbations focused primarily on /s/ production, we directly examined
whether this sound showed any effect following
speech practice. The difference from zero for /s/ was
found to be significant only in the low vowel context
/æ/ (p < .05). Learning after-effects for /s/ in both
vowel contexts were not significant.

3.3 Kinematics – Consonants and Vowels

The mean amplitude of the tongue positional change
associated with each of the four experimental effects
of interest is shown in Figure 4 for all consonants and
vowels in each of the 8 VCV contexts (tongue blade
sensor shown). A change in tongue position can be
observed for all sounds, in all contexts.
Figure 4: Mean amplitude of changes in tongue
blade sensor position. Error bars show ±1 SE.

3.2 Acoustics – Vowels

Figure 3A shows mean changes in F1 and F2 during
vowel production (averaged over the 4 consonant
contexts), associated with palate insertion and removal. Changes can be seen principally in F2, with
limited effects in F1.
For F1, the main effects and interaction of VOWEL
and CONSONANT were not statistically reliable, and
no reliable difference from zero was observed for either palate insertion or removal. Similarly, for F2,
none of the main effects or interactions were significant for palate insertion or removal. However, the
change in F2 vs. zero (averaging across vowel and
consonant contexts) was found to be statistically reliable for both insertion (p < .05) and removal (p < .05).
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For the tongue blade sensor, the reliability of differences between the 8 VCV contexts and between the
three VCV positions (V1, C, V2) was examined using
rANOVA separately for each of the four experimental
effects. None of the main effects or interaction effects
were statistically reliable, reflecting the similarity in
amplitude across contexts. The same pattern of main
and interaction effects was observed in the tongue
dorsum sensor.

The magnitude of tongue position changes for each
of the experimental effects was compared to zero using single-sample t-tests, averaging across VCV contexts and VCV positions (consistent with the
ANOVA results). For both tongue sensors, all four
tests showed robust changes (insertion, removal and
after-effect: p < .01; training: p < .05).
If the observed changes in tongue position associated with speech training truly reflect changes in
feed-forward control (i.e., motor learning), we would
predict that the direction of tongue positional changes
associated with the after-effects (tongue position
changes relative to baseline that persist following removal of the palatal prosthesis) would be consistent
with the directions of the training effects. Figure 5
shows the average direction of tongue position
change associated with speech training (small solid
vectors) and after-effect (small dotted vectors), for
each sound. Angles represent directions in the midsagittal plane, with 0° corresponding to the anterior
direction. Grand average angles are shown as large
vectors, with training in green and after-effect in yellow. A similar directional change in tongue position
is seen for both effects, characterized overall by
tongue advancement and lowering.
Figure 5: Directions of tongue positional change
associated with the training and after-effect (see
text).

The reliability of angle differences among the 6 phonemes was examined separately for each experimental effect. No reliable difference between sounds
was observed for either sensor (p > .05). Further, no
reliable differences were observed between training
and after-effects for any of the 6 sounds (p > .05).
Rayleigh tests examined the directional variation of
training effects among the participants. No significant
departures from circular uniformity (p > .05) were observed for any sound, confirming the variable nature
of motor strategies among the different participants.
If tongue positional changes following speech training truly reflect motor learning, they should be directionally related to the observed after-effects irrespective of inter-speaker differences in the training patterns. This relationship was evaluated across all contexts by calculating the angular difference between
the two effects separately for each of the VCV

2829

contexts and syllable positions within each subject.
Figure 6 shows the distribution of these angle differences related to the production of vowels (left) and
consonants (right), revealing that the individual training and after-effects are indeed characterized by a
common mean directional difference close to 0°
(mean angle difference for vowels: 10.3° for the
tongue blade and -1.4° and for tongue dorsum; for
consonants: 7.9° for the tongue blade and -1.2° for
tongue dorsum).
Figure 6: Distribution of angular differences between the training and learning after-effects.

4. DISCUSSION
Acoustically, as shown in prior studies, reliable perturbation and training effects were observed in the
production of /s/. Here, this finding was extended by
the observation of reliable acoustic perturbation effects in the production of the velar /k/ as well as in the
vowels /i/ and /æ/, with vowel production also showing a small but reliable training effect in F2. These
results highlight the non-uniform effect of the palatal
perturbation on speech acoustics, while also hinting
at training effects beyond sounds involving direct interaction with the physically altered palate.
Kinematically, the amplitude of tongue positional
changes revealed robust perturbation effects across
all VCV contexts and positions, and subsequent training and learning after-effects in all cases. Strikingly,
a comparable magnitude of tongue position change
was observed between the various vowels and consonants, despite differences in the presumed interaction
with the palate, and also despite observed differences
in the acoustic effects among sounds. Directional
analyses of tongue positional changes related to training and after-effects support the idea that the observed kinematic changes found across vowels and
consonants indeed reflect learned changes in the feedforward planning of speech movements.
The present acoustic and kinematic findings build
upon the prior result of Lametti et al. [6] in demonstrating that talkers are capable of simultaneously
adapting speech sounds across the articulatory workspace to a complex physical, multisensory perturbation.
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ABSTRACT
The speech production process during vocalized
speech involves the integration of auditory and vocal
motor sensory feedback. The aim of this study was to
evaluate articulatory behaviour in different modes of
speech during the production of eight English vowels
to improve our understanding of the connection
between tongue motion patterns in normal
(vocalized), whispered and silent (mouthed) speech.
EMA was used to record movements of sensors
attached to the tongue and lips. Experimental results
suggest that articulatory trajectories are longer in
duration and slower in speed in silent speech
compared to normal and whispered speech. A
machine learning algorithm (support vector machine)
showed higher accuracy in vowel classification for
voiced speech than in the whispered and silent
conditions. In addition, articulatory distinctiveness
vowel spaces showed a smaller area in silent speech
than in normal and whispered speech. The results may
suggest less distinct tongue movement patterns in
silent speech.
Keywords: Silent speech, tongue kinematics, support
vector machine, EMA, articulatory vowel space
1. INTRODUCTION
The production of speech is a sensorimotor process
that is highly dependent on proper coordination
between vocal fold vibration and articulatory
movements on a rapid time scale, where auditory and
vocal motor sensory feedback are highly integrated
[21]. In vocalized speech, the vibration of the vocal
folds modulates the airflow, while the vocal tract acts
as a resonator that modifies the sound [9]. Previous
investigations of timing relations [10] and
articulatory perturbations [24] have shown the
complexity of the highly coordinated interaction
between the oral articulators and the larynx.
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A substantial amount of literature has studied
the phonetic distinctness of vowels, duration and
formant frequencies in voiced [12, 13, 25] and
whispered speech [15, 17-19, 27, 31]. Previous
investigations on whispered speech have reported
increased first formant frequency [17, 27], converged
adjacent vowels, and longer duration of vowels [27]
and sentences [31]. However, research on silent
tongue and lip motion patterns is relatively limited,
due to lack of data.
Janke and colleagues [16] used EMG to
investigate audible, whispered, and silently
articulated consonants and vowels. They found
stronger articulatory muscle activation (i.e.,
hyperarticulation) during the production of bilabial
consonants and rounded vowels in silent speech.
Differences in articulatory strategies have also been
reported during the production of French VCV
utterances [14] and words [4]. Specifically,
articulatory strategies were less resistant to
coarticulation [14], hypoarticulation of the lips and
reduced word duration in silent speech [4]. More
recently, Dromey and Black [7] investigated
kinematic patterns of the tongue, lips, and jaw during
sentence production in voiced, whispered, and
mouthed speech, where they found an increased
number of articulatory sub-movements, increased
sentence duration, and reduced peak velocity [7].
Additional investigations are needed for better
understanding of these speaking modes.
At this time, articulatory motion patterns in
silent speech at the phoneme level are poorly
understood. In addition to scientific knowledge, a
better understanding of articulatory movement
patterns in silent speech may contribute to improved
algorithm designs for mapping articulation to speech
in silent speech interface (SSI) [6, 22], an assistive
technology that may help the oral communication of
laryngectomees (individuals after a surgical removal
of larynx due to the treatment of laryngeal cancer),
who are no longer able to phonate, and as a result

these individuals often experience a degraded quality
of life [2, 23].
The aim of the current study was to
investigate tongue and lip movements during the
production of normal (vocalized), whispered, and
silent (mouthed) isolated vowels. Besides kinematic
analysis (e.g., velocity and duration), we also applied
a machine learning classifier (i.e., support vector
machine, SVM) to determine if there are distinct
patterns in the tongue and lip motion of voiced,
whispered, and silent speech.

sensor locations. Although rare, occasional sensor
defects and samples affected by mispronunciations
occurred and were excluded from analysis.
Figure 1. Sensor positions for data collection. Head
centre (HC); upper lip (UL); lower lip (LL); tongue tip
(TT); tongue back (TB). Sensor data were collected along
the x-axis (lateral movements), y-axis (superior-inferior
movements), and z-axis (anterior-posterior movements).

2. METHOD
2.1. Subjects

This study analysed data collected from 12 (six
females, six males) English speakers with no reported
history of speech, language, or hearing disorders.
They ranged from 21 to 31 years (𝑀𝑎𝑔𝑒 =
23.83, 𝑆𝐷𝑎𝑔𝑒 = 3.24). Informed consent was
obtained from each participant prior to data
collection.
2.1.1. Speech tasks
Each participant repeated a list of eight isolated
vowels in consonant-vowel-consonant (CVC)
structure embedded in bilabial /b/ (i.e., /bӕb/, /bɑb/,
/b^b/, /bɔb/, /bob/, /beb/, /bib/, /bub/). Each pseudo
word was produced at the speakers habitual speaking
rate in the following three conditions: normal
(voiced), whispered (unvoiced), and silently
articulated (mouthed) 10-12 times. The investigator
perceptually verified that the participants were
successful in producing whispered and silent speech.
2.2. Setup and procedure

The NDI Wave electromagnetic tracking device, an
electromagnetic articulography (EMA, Wave
System, Northern Digital Inc., Waterloo, Canada)
was used to collect synchronized speech acoustics
and kinematic data from the tongue and lips. Each
sensor reported x (lateral), y (superior-inferior), and z
(anterior-posterior) positions of the articulators with
a spatial tracking accuracy of 0.5 mm [1]. An optimal
four-sensor setup [28] were attached the tongue tip
(TT, 5-10 mm from the apex), tongue back (TB, 20–
30 mm from the TT), and vermillion borders of the
upper lip (UL) and lower lip (LL). The sensors were
attached using non-toxic dental glue (PeriAcryl 90,
GluStitch). To help the participant adapt to the wired
electrodes, they were asked to speak for 3-5 minutes
prior to data collection. Previous studies suggest that
the sensors do not significantly interfere with speech
production [20]. Fig. 1 gives an illustration of the
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2.3. Data Preprocessing

Prior to analysis the translation and rotation
components of head motion were subtracted from the
tongue and lip movements to obtain headindependent data. To obtain synchronized acoustic
and kinematic signals, a high-quality lapel
microphone was placed approximately 15-20 cm
from the participants’ mouth during each recording.
The data were recorded directly onto a computer hard
drive at a sampling rate of 16 kHz. Simultaneous
acoustic and kinematic data assisted in segmenting
articulatory motion data during the voiced and
whispered condition.
A customized MATLAB software program
(SMASH, [11]) was used to identify the target
stimuli. First, the CVC articulatory motion was
aligned with the acoustic waveform. Then, visual
inspection of the onset and offset of each CVC pseudo
word was manually identified using SMASH [11].
The silent speech condition was segmented based on
visual inspection of the motion data and prior
repetitions of voiced and whispered data produced by
the same participant.
3. METHODS
3.1. Kinematic measures

The following measures were collected along the xdimension, y-dimension, and z-dimension:
1. Duration (sec.): Measured from vowel onset
to offset.
2. Average speed (mm/s): The average of
instant speed, calculated as the change in
displacement over time.
To determine if duration and average 3D speed of
tongue and lip movements during vowel production
were different depending on the mode of speech

Duration (s)

Figure 2. Average duration for all speakers during the production of four corner vowels across three speech conditions
0.75
0.70
0.65
0.60
0.55
0.50
0.45
0.40

0.68
0.61

0.64

0.62 0.63
0.56

0.63 0.63
0.59 0.61

0.65

0.68

0.67
0.60

0.66

0.63

0.62
0.58

0.64

0.67

0.60

0.66

0.68

0.59

Eight English Vowels

(voiced, whispered, silent), two-factor repeated
measures ANOVAs were conducted. GreenhouseGeisser corrected values were reported with rounded
degrees of freedom.
3.2. Articulatory Distinctiveness Space (ADS)

Wang and colleagues [29, 30] recently developed
articulatory distinctiveness spaces (ADS), which
resemble the traditional acoustic space. The ADS is
based on the principal components of the entire timeseries patterns of articulatory movements during the
production of vowels and consonants. We applied the
ADS for normal, whispered, and silent speech in this
study. The following steps were used to calculate the
articulatory distinctiveness space (ADS): First, a
machine learning classifier (SVM) was used to
classify the three speaking modes based on
articulatory motion data [5], where a high accuracy
indicates a distinct pattern. Second, Procrustes
analysis [8], a bi-dimensional shape analysis, was
used to calculate the pair-wise distance between
vowels in three speaking conditions (voiced,
whispered, and silent). Finally, multidimensional
scaling [3] was used to create a space that preserves
the distance relationship among all the vowel pairs.
4. RESULTS & DISCUSSION

SD = 0.02) than the voiced condition (M = 0.59, SD =
0.02). Although a longer duration was evident in the
whispered condition (M = 0.63, SD = 0.02) when
compared to the voiced condition, this finding was
not statistically significant (p = .022). Experimental
results show a significantly longer vowel duration in
silent speech than voiced speech, which is consistent
with the finding in [4, 7].
4.2 Average 3D speed of tongue and lip movement
Table 1. Main effect of speech mode (normal, whispered,
silent).
Sensor
TT
TB
UL
LL

df
1, 16
1, 14
1,18
1, 20

F
30.143
38.457
26.401
21.296

p
< .001
< .001
< .001
< .001

(ηp)2
0.733
0.778
0.706
0.659

Table 2. Interactions (vowel vs. speech mode) related to
average 3D speed of the individual sensors.
Sensor
TT
TB
UL
LL

df
3,42
5,55
5,55
3,42

F
4.663
1.664
3.202
9.651

p
<.01
.158
<.05
<.001

(ηp)2
0.298
0.131
0.225
0.467

Note. For interaction analysis, two-way repeated measures
ANOVA was used.

4.1 Duration
Descriptive statistics are provided in Fig. 2. The
results indicate a statistically significant main effect
of speech mode (normal, whispered, silent), F(1,15)
= 7.962, p < .01, (ηp)2 = .420 and main effect of the
vowel (p < .001). There was not a statistically
significant interaction of speech mode and vowel (p
= .071). The pairwise comparisons for the main effect
of speech mode using a Bonferroni correction
indicated that the duration of vowels was significantly
longer in the silent speech (p < .05) condition (M =
0.66, SD = 0.02) and whispered condition (M = 0.63,
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Table 3. Mean and standard deviation of tongue and lip
speed for each speech mode, averaged across all vowels.
Sensor

Voiced

Whispered

Silent

TT

33.60 ± 7.76

25.56 ± 5.08

23.29 ± 5.01

TB

29.39 ± 3.42

21.81 ± 3.12

19.08 ± 2.65

UL

21.29 ± 1.86

16.40 ± 1.27

14.67 ± 1.00

LL

63.02 ± 13.46

51.15 ± 9.18

50.85 ± 6.55

The main effects of speech mode (normal, whispered,
silent) are listed in Table 1. The results for the

interaction term are provided in Table 2. The main
effect of the vowel was statistically significant for the
TT (p < .001), TB (p < .01), UL (p < .05), and LL (p
< .001). Follow-up comparisons for the main effect of
speech mode using Bonferroni adjustments reflect a
significant difference in average speed of the tongue
and lip movements among all three speaking
conditions. Whispered speech was significantly
slower than voiced speech for the TT (p < .001), TB
(p < .001), UL (p < .01), and LL (p < .001). Silent
speech was significantly slower than normal speech
for the TT (p < .001), TB (p < .001), UL (p < .001)
and LL (p < .01), which is also consistent with [7]
using sentence stimuli. Table 3 provides the mean and
standard deviation of average 3D speed. Fig. 3
provides averaged 3D speed of TT for each vowel.

the distances between vowels) indicate that distinct
articulatory patterns occur in the three modes of
speech. SVM classification accuracies are provided in
Table 4. A visualized space (ADS) demonstrated the
difference between these vowels.
Figure 4. Articulatory distinctiveness space for normal
voiced (square), whispered (triangle) and silent (circle)
vowels.
/u/
/i/
/i/

/u/

/i/
/u/
/e/

/e/

/e/
/ӕ/
/ӕ/

/o/
/^/
/ɔ/ /^/
/ɑ/
/ɔ/

/o/

/o/

/^/

/ɑ/

Figure 3. Average 3D speed (mm/s) of the tongue tip for eight
vowels in three speech conditions (voiced, whispered, and silent
speech).

/ɔ/

/ӕ/

/ɑ/

Tongue Tip
/ӕ/

/^/

/ɑ/

/ɔ/

/e/

/i/

/o/

/u/

Table 4. SVM vowel classification accuracies for all vowels in
normal (voiced), whispered, and silent speech conditions.

Average 3D Speed (mm/s)

45
40
35

Truth / Predicted

Voiced

Whispered

Silent

Total

Voiced

963

94

34

1091

Whispered

94

885

112

1091

30

Silent

43

164

884

1091

25

Total

1100

1143

1030

3273

20

5. CONCLUSION AND FUTURE WORK

15
10
Voiced

Whispered
Speech Conditions

Silent

4.3 Articulatory Distinctiveness Space (ADS)
The overall classification accuracy of the vowels was
highest for voiced vowels (88%), followed by silently
produced vowels (81%) and whispered vowels
(81%). Fig. 4 displays the three ADSs, where the
articulatory space for voiced vowels displays a larger,
expanded and distinct articulatory space (𝐴𝑟𝑒𝑎𝑣𝑜𝑖𝑐𝑒𝑑
= 0.0293). Whispered vowel space (𝐴𝑟𝑒𝑎𝑊ℎ𝑖𝑠𝑝𝑒𝑟𝑒𝑑
= 0.0134) is smaller than the voiced space and the
silent speech (𝐴𝑟𝑒𝑎𝑠𝑖𝑙𝑒𝑛𝑡 = 0.0084) is the smallest.
The results suggest that silently articulated vowels are
less distinct than voiced and whispered vowels.
As illustrated in Fig. 4, low-back and
centralized vowels (i.e., /ɑ/, /^/ and /ɔ/) are especially
impacted when speech occurs without phonation (i.e.,
whispered or silent). Both machine learning (SVM)
classification and Procrustes analysis (that generated
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Our study showed distinct patterns of tongue and lip
movements during the production of eight vowels in
different speaking modes (voiced, whispered, and
silent). Specifically, tongue and lip movements
during silent speech are slower, longer in duration and
less distinct. The results may be due to the fact that
silent speech is not a frequently used mode of speech
and does not provide auditory feedback. Additional
studies on the target patient population (e.g.,
laryngectomees) may provide a better understanding
of how articulatory patterns are affected by laryngeal
surgery and improve current assistive speech
technologies.
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ABSTRACT
Previous studies [1, 3, 5, 6, 8, 11, 19] have shown
that words and segments are reduced more when the
context consists of more frequent and more
predictable words. This study examined these effects
as evidenced in the duration and the second formant
(F2) of the vowels in monosyllabic CVC words in
the Buckeye Corpus [16]. F2 was measured at five
timepoints during the entire duration of the vowels.
We found that both higher word and bigram
frequency are associated with higher F2 in front
vowels (giving a fronter, more extreme quality),
while vowel duration shortened or remained the
same with higher frequency of both kinds. F2 also
increases with higher frequency regardless of the
consonantal effect, indicating that higher frequency
may make the vowels more resistant to the
coarticulatory influence of the consonants. This
finding suggests that the more the word is used, the
more strongly it is produced in conversation [13, 14,
18].
Keywords:
word
frequency,
contextual
predictability, bigram frequency, coarticulation,
coarticulatory resistance, corpus phonetics
1. INTRODUCTION
Reduction (or deletion) has been reported in both
acoustic and articulatory dimensions due to effects
of word frequency [1, 3, 5, 6, 8, 11, 17, 19].
Speakers shorten (or delete) segments more in more
predictable words and less in less predictable words.
This is because highly predictable words may need
less planning and may be produced at a higher
speech rate in combination with the preceding and
following words, leading to more reduction [12].
Highly frequent words (e.g., time) are shorter in
duration than their low-frequency homophones (e.g.,
thyme) [2]. In articulation, [11] found that the
anterior constriction for [l] was weaker in more
frequent words (e.g., help, milk) than in their less
frequent near-homophones (e.g., whelp, ilk). Also,
the duration of words and segments is also reduced
with increased contextual predictability, also known
as bigram frequency [17].
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On the other hand, the long-term representation
of more frequent and predictable words is assumed
to include more phonetic details [14, 15]. [21] found
that words with high neighborhood density (more
frequent with many lexical neighbors) have more
expanded vowel space than words with low
neighborhood density (less frequent with fewer
lexical neighbors). In summary, there is ample
evidence that word frequency has the potential to
affect the phonetic properties of speech, such as
vowel formants. It is less clear in which direction the
effect would be, as the research cited above suggests
that higher frequency could favor either reduction
(centralization) [1] or a more expanded vowel space
[21].
Another factor known to affect vowel formants is
coarticulation [10]. A variety of phonetic and
phonological phenomena are manifested in
coarticulation (e.g., [7, 13, 18]); however, previous
studies on those effects have not investigated the
variation in conversational speech in detail. For
example, the value of F2 at the very beginning of the
vowel [æ ] in monosyllabic English words (e.g. pad
[pæ d]) is lower than it would be in an isolated [æ ]
due to the coarticulatory effect from the consonant
on the vowel. The locus of F2 for [p] is around 600
to 800Hz; therefore, the F2 in the vowel is lowered
under the influence of the bilabial consonant [9].
The vowel is likely to show variability in
coarticulation from both word and bigram frequency
because of their impact on segmental reduction.
This study reports how monosyllabic CVC
(C = 7 stop consonants, V = 4 front vowels) words
are phonetically realized, considering especially the
interaction of coarticulation with word frequency
and bigram frequency. Our data source is the
American English conversational speech in the
Buckeye Corpus [16].
2. PREVIOUS STUDIES
2.1. Segmental reduction effects of word frequency
and contextual predictability

A large body of studies found that the more frequent
and predictable the word is, the more the speaker
reduces the duration of segments [1, 3, 5, 6, 8, 11,
19]. In the spectral dimension, reduction of vowel

quality means that the formant values (especially for
vowels at the extreme corners of the vowel space,
such as [i] and [æ ]) become centralized [1],
corresponding to a reduced vowel quality. For front
vowels, we predict that F2 will decrease
(corresponding to a more centralized tongue
position) with higher frequency of word or bigram.
On the other hand, [14, 15] pointed out that some
studies found that higher word frequency leads to a
stronger representation of the word in the speaker’s
lexicon. This does not necessarily imply a more
extreme articulation of the vowel, just that its
identity is stored more robustly.

Figure 1: The prediction of the degree of coarticulation
of high frequency peak vs. low frequency peek in the F2.

2.2. The effects of word frequency and contextual
predictability on the coarticulation of CV

Both the consonant and the vowel are expected to
have a shorter duration in more predictable words
than in less predictable ones [1, 5, 6, 8, 19]. In
articulation, weaker (smaller amplitude) consonantal
and vocalic gestures are expected with more
predictable words [11]. The shorter duration of the
consonant can be assumed to be a product of the
weakening
effect
resulting
from
higher
predictability. Therefore, the more predictable words
may allow more coarticulation between two
segments (i.e., coarticulatory aggression) because
the segments are more weakly articulated. On the
other hand, less predictable words may require a
more distinctive acoustic realization, resulting in
segments that are less coarticulated with each other
(i.e., coarticulatory resistance). However, it is
unknown how variation resulting from these
frequency-based
effects
is
reflected
in
conversational speech.
What we anticipate in this study is that each
segment in the CV formant transition of less
frequent and predictable monosyllables will be more
clearly realized than in more frequent and
predictable words. We predict less gestural overlap,
resulting in formants closer to the values they would
have in an isolated vowel. Following this line of
reasoning, a vowel with lower frequency may have
F2 at onset different from its value at the midpoint.
For example, peak [pik] is more frequent than its
homophone peek. As shown in Figure 1, the F2 of [i]
in peak may be lower than that in peek, indicating
that the degree of coarticulation is affected by word
frequency. We expect less frequent words (e.g.,
peek) to need more distinctive articulation with
lengthening of duration, while the more frequent
homophone peak will have segments that exhibit
reduction in quality with shortening of duration.
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This may result in the [p] in peak having a larger
effect on the vowel formants than in peek.
3. METHODS
The data for this study is taken from the phonetically
transcribed conversational dialogues in the Buckeye
Corpus [16]. Using a phonetically annotated
conversational speech corpus enables us to examine
the phonetic correlates of coarticulation with a huge
variety of contextual variability. The 20 younger (10
male and 10 female) speakers in the corpus were
analyzed. Each conversation has a duration from 3060 minutes. For this study, tokens of 71 different
monosyllabic CVC words with combinations of four
consonant types at the onset (C = Bilabial [p, b],
Alveolar [t, d], Velar [k, ɡ], and Glottal [h]) and the
four front vowels (V = iy [i], ih [ɪ], eh [ɛ], ae [æ ])
were extracted from these dialogues.
To observe the effects of word and bigram
frequency on the phonetic properties of these CVC
monosyllabic words, the second formant (F2) and
the vowel duration were analyzed. F2 values were
extracted at five timepoints (1 – 5) during the
vowels, from 10ms after the beginning of the vowel
(1), at 25% of the duration of the vowel (2), at the
vowel midpoint (50%) (3), at 75% of vowel duration
(4), and 10ms before the end of the vowel (5). The
timepoint measure was statistically analyzed as a
continuous variable. This timeline measure may
enable us to analyze the degree of coarticulatory
influence of the consonant on the vowel more
precisely than if measures were made only at the
vowel midpoint. Tokens with second formant
bandwidth above 700Hz were excluded, and tokens
with vowel duration less than 50ms were excluded.
In total, 5988 tokens were analyzed. Both the F2 and
the duration of the vowels were normalized (zscored) by each speaker’s averagei.

For statistical analysis, we performed a linear
mixed effects analysis [2] to observe the effects of
word (WF) and bigram (BF) frequency on the F2
and the vowel duration. We included a random
intercept for subjects in the models predicting WF
and BF effects on F2 and vowel durations. Note that
only between-speaker differences in F2 and vowel
duration were statistically significant; therefore,
speaker was the only random effect in the models.
The independent variables in the analysis were:
• Word frequency: Raw word frequency (WF) is
taken from SUBTLEXUS Corpus [4]. It indicates
the occurrence of the word per million words
and is converted into the logarithmic scale.
• Preceding Bigram frequency: Preceding
bigram frequency (BF) measures the frequency
of occurrence of the string consisting of the
target word and the word preceding it. This was
calculated as a ratio over the entire Buckeye
Corpus by dividing the number of occurrences
of the word pairs by the total number of
occurrences of the target word, then converting
to a logarithmic scale. Since word and bigram
frequency measures are not correlated (r2 = 0.08), we included the BF and WF effects
together in the model [19].
• F0 difference from the previous word:
Prosodic factors are critical in predicting the
degree of coarticulation and its acoustic
correlates. For example, a vowel with pitch
accent or stress has more coarticulatory
resistance to adjacent segments ([7]). To account
for variation due to prosodic factors, for each
word we calculated the f0 difference between
the target vowel and the vowels in the preceding
word. However, this had little effect on the F2
and vowel duration in the statistical model.
4. RESULTS
4.1. F2 (vowel front-back)

The modelii estimates the effects of WF and BF on
F2 with the different front vowels and consonants.
Figure 2 plots the increase in F2 values with higher
WF and BF that was observed except in the ‘iy’ [i]
vowel, where F2 decreases with higher word
frequency. (WF on ‘iy’: β (estimate) = -0.21, SE
(standard error) = 0.07, p < .001; WF on ‘ih’ [ɪ]: β =
0.18, SE = 0.03, p < .001; WF on ‘eh’ [ɛ]: β = 0.21,
SE = 0.03, p < .001: WF on ‘ae’ [æ ]: β = 0.18, SE =
0.03, p < .001).
Bigram frequency (BF) also increases the F2
vales of the vowel except for the vowel ‘iy’. (BF on
‘iy’: β = -0.24, SE = 0.05, p > 0.1; BF on ‘ih’: β =
0.09, SE = 0.05, p < .001; BF on ‘eh’: β = 0.09, SE =
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Figure 2: Scatterplots of F2 for the WF and BF effects
by vowel type. Each regression line fits the model
indicating the directionality of those effects. Statistical
significance of the effects is indicated as *** (p <.001),
** (p <.01), and * (p < .05) for each vowel.

0.05, p < .001: BF on ‘ae’: β = 0.18, SE = -0.02, p >
0.01). This indicates that except for the vowel ‘iy’,
speakers enhance the phonetic characteristics of the
vowel (i.e., [+front]) with a more forward tongue
position, in words with higher frequency and
contextual predictability. This finding is in the same
direction as reported by [18] but opposite to the
findings from some previous studies, such as [1, 3,
5, 6, 8].
Our results also showed WF and BF effects that
are different from previous studies and our
expectations (Figure 3). For all front vowels with
alveolar and velar consonants, the F2 increases (or
remains the same) with both WF and BF effects (WF
with Alveolar: β = 0.09, SE = 0.02, p < .001; WF
with Velar: β = 0.09, SE = 0.02, p < .001; BF with
Figure 3: Scatterplots of F2 for the WF and BF effects
by consonant type. Each regression line fits the model
indicating the directionality of those effects. Statistical
significance of the effects is indicated as *** (p <.001)
and n.s. (p > .1) for each consonant type.

Alveolar: β = 0.09, SE = 0.02, p < .001; BF with
Velar: β = 0.09, SE = 0.02, p < .001; BF with
Glottal: β = -0.02, SE = 0.05, p > 0.1). In contrast,
F2 did not increase in vowels preceded by bilabial
consonants (WF with Bilabial: β = -0.21, SE = 0.07,
p < .001; BF with Bilabial: β = -0.24, SE = 0.05, p <
.001). Note that these effects point to the difference
due to WF and BF effects; F2 is naturally lower in
the context of bilabials than alveolars, but that effect
is not reported here. We predicted that F2 would
decrease more with higher WF and BF. Instead, we
observed that F2 increases (or maintains) with
higher WF and BF in most contexts. This indicates
that some of these vowels show less evidence of
coarticulation, being resistant to coarticulatory
influence from the consonant at the onset, though
there are some exceptions.
4.2. Vowel duration

Unlike the WF and BF effects on F2, the
statistical model predicting vowel duration shows
that higher WF shortens all vowels, and that higher
BF is associated with non-significant shortening
except for the words with ‘eh’  vowel. As shown
in Figure 4, F2 decreases more with higher WF (WF
on ‘iy’ [i]: β = -0.65, SE = 0.19, p < .001; WF on
‘ih’ [ɪ]: β = -0.40, SE = 0.08, p < .001; WF on ‘eh’
: β = 0.02, SE = 0.08, p > 0.1: WF on ‘ae’ : β
= 0.08, SE = 0.03, p > .1). Higher BF has little effect
on vowel duration (BF on ‘iy’: β = 0.10, SE = 0.19,
p > 0.1; BF on ‘ih’: β = -0.25, SE = 0.08, p = 0.06;
BF on ‘eh’: β = 0.13, SE = 0.08, p > 0.1; BF on ‘ae’:
β = 0.53, SE = 0.03, p = 0.08).
Figure 4: Scatterplots of vowel duration for the WF
and BF effects by vowel type. The regression lines fit
the model indicating the directionality of those effects.
Statistical significance of the effects on the vowel
duration is indicated as *** (p <.001), ** (p <.01), and
n.s. (p > .1) for each vowel.
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5. DISCUSSION & CONCLUSION
Previous studies of lexical and contextual effects in
speech production have found that speakers decrease
the duration of words and segments with higher
predictability [1, 3, 5, 6, 8, 19]. Our measure of BF
gets at the issue of predictability: a higher bigram
frequency means the target word frequently follows
the same preceding word, creating a more
predictable string. However, what our study found is
that speakers strengthen the vowel quality by giving
it a more extreme quality with higher WF and BF. In
an articulatory dimension, it is possible to assume
that they strengthened the tongue movement by
moving further forward. As [14, 15] assumed, the
more the word is experienced in production, the
more specific phonetic detail is stored in the lexicon.
Shortened duration, on the other hand, may be a
consequence of faster access to the lexicon with
higher predictability.
In terms of coarticulation, F2 increases despite
the expected effects of the adjacent consonants that
are likely to influence F2. This finding suggests that
with higher frequency of the word and the context,
the vowel is more resistant to coarticulation,
consistent with findings in [18]. Although speakers
shorten (or maintain) the duration of the vowels,
during the part of the vowel close to the source of
coarticulation (the consonant), the F2 for these front
vowels increases with increased frequency (as
indicated in the bottom part of Figure 1). This tells
us that the vowel shows resistance in coarticulation
and strengthening in quality, suggesting that
frequency effects at the lexical and contextual level
are not entirely reduction.
Speech production in conversation may have a
huge amount of variation in phonetic and
phonological variations compared with experimental
settings. However, even with the reduction of the
vowel and coarticulation from the onset consonants,
the F2 increases with higher frequency and
predictability in context regardless of the
consonantal effect to the vowel. This result suggests
that these fine-grained phonetic effects may be
controlled by the speaker [20].
In conclusion, the effects of word frequency and
contextual predictability are associated with a
stronger articulation by enhancing the phonetic
properties of segments regardless of the reduction of
segmental duration. In terms of coarticulation, the
vowel is more resistant to coarticulation with higher
frequency, supporting this paper’s finding of
phonetic conditioning pattern of these frequencybased effects.
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i

We normalized (z-scored) the data with all types of
vowels, including front, mid, back vowels, and with both
F1 and F2 values. This paper presents the results from the
F2 values of front vowels only.
ii

All mixed effects models reported here were analyzed
with the normalized (z-scored, logarithmic-scaled) values
to ensure the linearities in the prediction. Models are also
all statistically significant from the models with less
variables and with more variables.
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ABSTRACT
The pragmatic interpretation of Greek wh-questions
with different intonation was tested, by asking
participants to listen to questions and bet on two
follow-up sentences offering alternative explanations
on the question’s purpose (information- or noninformation-seeking). L*+H L-!H% and L+H* L-L%
were used and crossed (L+H* L-!H% and L*+H LL%), giving rise to four experiment versions in a
between-participant design. Responses from 190
Greek listeners supported previous analyses
according to which L*+H L-!H% and L+H* L-L%
lead to a preference for information-seeking vs. noninformation seeking interpretations respectively.
Responses were affected by both the pitch accent and
boundary tone, with the joint contribution being most
evident in the “crossed” tunes (L+H* L-!H% and
L*+H L-L%). These results also support the notion
that accents and edge tones contribute independently
to pragmatic meaning, while the successful
application of betting as an experimental paradigm
supports the idea that pragmatic processing of
intonation is probabilistic.
Keywords: intonation, pragmatics, perception, Greek
1. INTRODUCTION
A recurrent issue in intonation research is how to
model and understand intonational meaning. In some
models, intonation is seen as performing basic
communicative functions [16], while in others, its
main role is said to be the encoding of information
structure via accentuation [5]. In the autosegmentalmetrical model of intonational phonology [9],
intonation is said to perform many roles, including
basic functions, such as indicating utterance modality
[1], as well as encoding information structure [5],
epistemic modality [13], and implicatures [2, 12].
A major disagreement between competing views
relates to how intonation contributes to the pragmatic
interpretation of utterances. Models like [16]
implicitly assume that the entire tune contributes
holistically to interpretation. Some models suggest
that particular tunes contribute as a whole to
pragmatic interpretation, in that tunes can be seen as
idioms [8] or as unstructured melodies [9] on some
level. These views differ from those expressed in [11]
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and [12], according to which distinct tonal events
each contribute independently to meaning, a position
that relies on meaning compositionality.
The issue of compositionality is examined here
using Greek wh-questions, the intonation of which
has been investigated in the past [1, 2, 3, 7]. These
earlier studies show that wh-questions are typically
uttered with one of two tunes, autosegmentally
represented as L*+H L-!H% (or rising tune), and
L+H* L-L% (or flat tune) [2]. The tunes differ in
pitch accent and boundary tone, as illustrated in
Figure 1 with two utterances from the present
experiment. The acoustic differences between the
tunes are well established [2, 7]. Further [2] indicates
that the two tunes lead to different interpretations of
the questions: questions with the rising tune are
treated as primarily information-seeking, while those
with the flat tune can be interpreted as noninformation seeking. Specifically, [2] show that
listeners may interpret the flat tune as carrying
implicatures of a negative type; e.g. a question such
as “why should I hire Paulina” with the flat tune
(Figure 1, bottom) could indicate that the speaker
doubts Paulina’s credentials. Note that this
interpretation is compatible with the main
questioning function of the utterance, as the speaker
may simultaneously ask for reasons to hire Paulina
and indicate that the evidence for doing so is weak.
Figure 1: Waveforms and F0 contours of two whquestions used as stimuli in the experiment, “when
will the train for Kavala leave?” (top), and “why
[should I] hire Paulina?” (bottom).

Although this much is established based on
previous work [2], issues with this interpretation
remain. First, [2] relied on a forced choice task, which
did not allow participants to register the possible dual
interpretation of the questions. Second, because the

tunes used were the prototypical L*+H L-!H% and
L+H* L-L%, it is not possible to ascertain if
interpretation was based on separate effects of the
pitch accent and following boundary tone, or to the
tunes as a whole. Both of these shortcomings are
addressed in the present set of experiments.
Participants heard wh-questions and were asked to
bet between 0 and 100 euros on the most likely
follow-up utterance for each question. The follow-ups
provided an explanation of each question’s intention
as information-seeking or not. This is shown in (1)
and (2) with glosses of the two questions in Figure 1
and the two follow-ups (F) for each one of them, one
information-seeking (IS) and one non-informationseeking (NIS) follow-up.
(1) Q
F-IS
F-NIS
(2) Q
F-IS
F-NIS

When will the train for Kavala leave?
Do you happen to know?
We’ve been waiting for too long!
Why should I hire Paulina?
Is she looking for job?
She is not qualified.

It was hypothesized that stimuli with the rising
tune would lead participants to bet more heavily on
follow-ups indicating that the question was
information seeking, and that stimuli with the flat
tune would lead participants to bet more heavily on
follow-ups indicating that the question was not
information seeking. In addition we synthesized tunes
to combine early peaks (L+H*) with a final rise
(!H%), and late peaks (L*+H) with flat endings (L%).
We hypothesized that these “hybrid” tunes would
lead to bets closer to 50, i.e. they would appear more
ambiguous. Based on previous accounts [1, 3], it was
further hypothesized that participants would be more
sensitive to how the tunes ended than to peak
location, and thus that rising tunes with early peaks
would lead to higher bets for information-related
follow-ups than flat-ending tunes with late peaks.
Finally, we included controls in the experiment (i.e.
questions as they were originally produced). These
were included to examine whether cues other than F0
cues (such as changes in speaking rate) could make a
contribution to interpretation. We hypothesized that
controls would result in higher bets than stimuli,
particularly stimuli with the same tune as the controls
but a different base (e.g. stimuli with a manipulated
rising tune but with a flat tune base; see section 2.2.).
2. METHODS
2.1. Participants

Participants were recruited online, using social media
and Prolific (https://prolific.ac/, [10]), a crowdsourcing platform. Prolific participants were
modestly remunerated. All participants were given a
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chance to win one of eight gift vouchers. The results
are based on 190 monolingual participants with no
reported speech or hearing problems (150 females, 40
males; 𝑥̅ age = 31.54, SD = 9.8). Geographically, 40%
were from the Athens area, 17.4% from the
Peloponnese, 16.8% from Macedonia and 25.8%
from other parts of Greece. They were divided as
follows: Exp1: 53 (44 female, 9 male; 𝑥̅ age = 34, SD
= 11.2); Exp2: 39 (31 f, 8 m, 𝑥̅ age = 34.46, SD = 8.7);
Exp3: 56 (41 f, 15 m; 𝑥̅ age = 31.38, SD = 7.9); Exp4:
42 (34 f, 8 m; 𝑥̅ age = 25.95, SD = 8.8).
2.2. Stimuli

The bases for the stimuli were selected from a larger
corpus of Greek wh-questions elicited using a
modified Discourse Completion Task, in which
participants read short situation descriptions that
ended with someone uttering a wh-question [7]. The
situations described a background appropriate for
either an information-seeking wh-question (i.e. a
question with the rising tune), or a non-information
seeking version (i.e. a question with the flat tune) [2,
7]. Thirty two questions were selected, four from each
of eight talkers (four male), all native speakers of
Standard Greek in their early twenties. The selection
criteria included how consistent and prototypical the
question tunes were, based on previously reported
features [2, 7], and on whether they sounded pleasant,
natural, and clear. Each talker provided two flat and
two rising questions that differed across talkers.
The original questions were manipulated in Praat
[4] as described below, following [2, 3, 7].
1. The initial F0 (which can vary between tunes
[2]) was scaled to be in the middle of the talker’s
range for that question.
2. The alignment of the accentual peak was
changed to be either (i) early, defined as a peak
in the middle of the wh-word stressed vowel
(henceforth EP) or (ii) late, defined as being 20
ms after the onset of the postaccentual vowel
(henceforth LP); see [2, 3, 7].
3. The boundary tone was scaled to be either (i)
rising (defined as being in the middle of the
talker’s range for that question); or (ii) flat. For
rising boundaries, the rise began in the middle of
the last stressed vowel of the question [3].
These changes were made to the test stimuli only,
which were checked for naturalness before being
included. The controls (i.e. the original questions)
were not altered. The manipulations yielded 128
stimuli (32 Qs × 2 peak alignments × 2 boundary
tones), i.e. 4 manipulated versions of each question
(Table 1), used in addition to the 32 controls.
Previous experience suggested that presenting
participants with both tunes can be confusing and

tiring [7]. To avoid these issues, we split the stimuli
and created four experiment versions, each of which
was tested with a different group of participants (as
shown in section 2.1). For the same reasons, within
each version, the stimuli were either rising or flat, and
combined with either matched or mismatched
controls to give the four versions in Table 2.
Table 1: List of controls and experimental stimuli
Original tune
L*+H L-!H%

L+H* L-L%

Manipulated
stimuli in AM
L*+H L-!H%
L+H* L-!H%
L*+H L-L%
L+H* L-L%
L+H* L-L%
L*+H L-L%
L*+H L-!H%
L+H* L-!H%

Codes
LPR
EPR
LPF
EPF
EPF
LPF
LPR
EPR

In each experiment participants first heard four
practice items; these were all original, nonmanipulated utterances produced by the same talkers
but different from the questions used in the main
experiment; they were all either flat or rising to match
the controls (see Table 2). Each experiment included
2 controls per talker (16 controls per experiment) and
2 stimuli associated with each control for a total of 48
trials ([16 × 2 = 32 test trials] + [16 controls]).
Table 2: Design of the four experiment versions.
Exp.
Controls
1 Late peak & rising
(LPR)
2 Early peak & flat
(EPF)
3 Late peak & rising
(LPR)
4 Early peak & flat
(EPF)

Test Stimuli
Early peak & rising (EPR)
Late peak & rising (LPR)
Early peak & flat (EPF)
Late peak & flat (LPF)
Early peak & flat (EPF)
Late peak & flat (LPF)
Early peak & rising (EPR)
Late peak & rising (LPR)

2.3. Procedure

The four versions of the experiment ran in survey
mode on PsyToolkit (https://www.psytoolkit.org/,
[15]). Participants were instructed to complete the
experiment on their laptop, tablet or mobile phone,
using headphones (preferred), or if lacking these, in a
quiet room. Before the start of the experiment, the
following information was provided on separate
pages (which participants clicked a button to progress
through): (a) the purpose of the experiment (to study
tone of voice in Greek), and information about the
experimental team; (b) anonymization of data; (c) the
participants’ right to withdraw from the experiment at
any point; (d) instructions about the task. Specifically,
the participants were told they would hear a series of
questions followed by two written sentences that
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could be uttered by the speaker as a follow-up to their
question. Their task was to decide which follow-up
was more likely by placing a bet in a box next to it
(see Figure 2). They had to imagine they had 100
euros to bet, and had to bet more than 50 euros on the
more likely follow-up, or bet 50 euros on either
follow-up if they thought both were equally likely.
A reminder of the instructions appeared before
each trial. Participants clicked on a button to proceed
and then saw a screen (Figure 2) where they were
prompted to listen to the question and place their bet.
The follow-up utterances were similar to those in
(1) and (2). Their order on screen was
counterbalanced across trials. To ensure participants
always bet on the most likely option, each box was
set to accept values of 50 or higher. The 48 trials were
divided into 3 blocks of 16; after each block,
participants saw a screen that prompted them to take
a break if they wished. Each stimulus appeared once.
Each talker was heard twice in each block, and
stimulus order was pseudo-randomized, so that the
two stimuli of each talker in each block were not from
the same question. The experiment ended with
questions about the participants’ linguistic
background, and the equipment they used for the
experiment.
2.3. Statistical analysis

We ran two linear mixed effects models for each of
the four experiments using the lmer function of the
lme4 package [6] in R [14]. The results reported here
are based on the best fit models; these included
stimulus type as fixed factor with three levels,
controls (original utterances) and two types of
manipulated stimuli that differed per experiment; e.g.
in Experiment 1 the levels were EPR and LPR (see
Table 2). Participants and items were included as
random intercepts [lmer(bets ~ Stimuli +
(1|Participants) + (1|Items), data = Exp, REML =
FALSE). These models performed better than the
corresponding null models according to the
likelihood ratio test [6, 14], [Exp1: x2(2) = 81.828, p
< 0.001, Exp2: x2(2) = 7.605, p < 0.05, Exp3: x2(2) =
484,378, p < 0.001, Exp4: x2(2) = 165.187, p <
0.001].
Figure 2: The screen seen by participants at each trial.

3. RESULTS

4. DISCUSSION AND CONCLUSION

For reasons of space, we report only on comparisons
of interest (see also Figure 3). Experiment 1 yielded
2428 responses. Participants placed significantly
higher bets on information-seeking follow-ups after
LPR stimuli and controls than after EPR stimuli [for
LPR stimuli, est. = 9.875, SE = 1.475, p < 0.001; for
LPR controls, est. = 2.962, SE= 1.473, p < 0.05]. Bets
were also significantly higher after LPR controls than
LPR stimuli [est. = 2.962, SE = 1.473, p < 0.05].
Figure 3: Effect plots of the stimuli types in the linear
mixed effects models. The y-axis represents the value
of bets for information-seeking follow-ups. The broken
grey line represents bets at chance level.

Experiment 2 yielded a total of 1869 responses.
Participants placed significantly higher bets on
information-seeking follow-ups after LPF than EPF
stimuli [est. = 4.224, SE = 1.795, p < 0.02] and EPF
controls [est. = 4.357, SE = 1.796, p < 0.02]. There
was no significant difference between EPF controls
and EPF stimuli [est. = 0.132, SE = 1.796, p > 0.05].
Experiment 3 yielded 2654 responses. Participants
placed significantly higher bets on informationseeking follow-ups after LPR controls relative to both
EPF and LPF stimuli [for EPF, est. = 33.605, SE =
1.476, p < 0.001; for LPF, est. = 21.831, SE = 14.77,
p < 0.001]. Bets were higher after LPF than EPF
stimuli [est. = 11.774, SE = 1.474, p < 0.001].
Experiment 4 yielded 2008 responses. Participants
placed significantly higher bets on LPR stimuli
relative to both EPR stimuli [est. = 12.030, SE =
1.613, p < 0.001] and EPF controls [est. = 21.101, SE
= 1.612, p < 0.001]. Participants also placed
significantly higher bets on EPR than EPF controls
[est. = 9.071, SE = 1.612, p < 0.001].
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The aim of these experiments was to shed light on the
compositionality of intonational meaning. Listeners
heard and bet on both prototypical tunes, L*+H L!H% (late peak & rising) and L+H* L-L% (early peak
& flat), and their combinations L*+H L-L% (late
peak & flat) and L+H* L-!H% (early peak & rising).
The results support both the overall understanding
of the pragmatics of the two tunes [cf. 2], and
compositionality, as both peaks and boundaries
affected responses and made independent
contributions to bets. Overall, stimuli with late peaks
lead to significantly higher bets in favour of
information-seeking follow-ups as compared to
stimuli with early peaks; the effect was present
independently of the boundary tone. Similarly, rising
tunes lead to bets over 50 for information-seeking
follow-ups, while flat tunes consistently led to bets
below 50, independently of the pitch accent. As
hypothesized, bets were highest for informationseeking follow-ups when final rises were combined
with late peaks. It could be argued that the
contribution of the peaks was exaggerated because
there was no variation in the boundary tone within
each experiment. Although this applies to Exp1 and
Exp2, it does not apply to Exp3 and Exp4 where
controls and stimuli did not match for boundary tone.
Yet in those experiments as well, peak position was
significant (cf. Exp2 and Exp3, and Exp1 and Exp4).
The independent contribution of the peak and
boundary is supported by the results with hybrid
tunes: as expected, these led to bets closer to chance
(cf. EPR and LPR in Exp1). It is possible that these
tunes were judged non-representative and thus more
confusing; however, they are attested in Greek [2].
Additional research in preparation using betting with
masking should shed further light onto this issue.
Finally, the results from controls highlight the role
of cues other than F0 (such as segmental timing [7]).
Such cues clearly play a part, in that controls led to
significantly stronger bets, either in favour of
information-seeking follow-ups (Exp1, Exp3), or
non-information-seeking follow-ups (Exp4). The
controls were also used as the base for the stimuli of
each experiment; when the base and tune matched
(Exp1, Exp2), betting trends were more consistent
than when there was a mismatch (Exp3, Exp4), a
difference that further supports the role of cues
beyond F0 in interpreting intonation.
In conclusion, the findings of this study support
the notion that accents and edge tones contribute
independently to pragmatic meaning. They also
showcase the suitability of the betting paradigm when
seeking
interpretable
results
bearing
on
compositionality in intonation.
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ABSTRACT

The NSG speakers in her study performed similarly
on rising pitch accents, but showed a different pattern on falling pitch accents. Instead of compressing
the entire range of the f0 trajectory into successively
shorter voiced portions on falling pitch accents, the
NSG speakers truncated the end of the f0 trajectories
in words with less voicing. This pattern, in which
the slopes of the f0 trajectories remain constant regardless of the duration of voicing, is referred to as
truncation. A follow-up study by [15] confirmed the
NSG pattern in a Southern German variety (that is,
compression of rises and truncation of falls), but no
such studies have been carried out for Austrian German.
Differences in pitch accent realisation (compression vs. truncation on rises vs. falls) may well
contribute to the distinct prosody of Austrian German. The aim of this study was to extend [2]’s study
to an Austrian German variety in order to establish
whether (and how) it differs from other German varieties described in the literature.

Austrian German is known for its distinct prosody
when compared with other varieties of German
[11, 13, 8]. However, phonetic data on Austrian German varieties are sparse, especially in the prosodic
domain. Northern and southern Standard German
have been found to truncate falling pitch (in which
the f0 contour of the pitch accent is only fully realised when enough sonorant material is available;
i.e. the end of the f0 contour is cut off) but compress
rising pitch accents (where the full f0 contour is realised regardless of the amount of sonorant material
[2, 15]). These patterns are found to differ between
languages [2]. Our study examines whether this is
also the case across varieties. We extend previous research on nuclear pitch accent realisation to an Austrian German variety in order to establish whether
(and how) it differs from other German varieties.
Keywords:
intonation, truncation, compression, Austrian
German, pitch accent

2. METHOD

1. INTRODUCTION

Participants were 10 native speakers of Austrian
German from the city of Graz (aged 21 to 31, mean
25.5 years; 6 female), all of whom came from monolingual households and were functionally monolingual.
We used the tokens from [2] with the longest and
shortest voicing durations (Schiefer /"Si:f5/ vs. Schiff
/SIf/, respectively), leaving out the intermediate duration, as we were not interested in the presence of
a gradient effect, and [3, pp .173-174] found that the
intermediate and shortest word lengths behaved the
same. In Standard German, /I/ is a phonologically
short, lax vowel, while /i:/ is a phonologically long,
tense vowel. Austrian German tends to (at least partially) neutralise the vowel quality contrast in phonological tense-lax pairs while maintaining the quantity distinction [4, 8]. However, it is the durational
(and not the tensity) contrast that is crucial to this
study, because the aim is to investigate how pitch
accent is realised when the time for doing so is restricted.
We adjusted [2]’s introductory paragraph and car-

Austrian German prosody is not yet welldocumented, but it is believed to differ from
that of other varieties of German [11, 13, 8, 7].
Differences that have been documented include
greater f0 range and slower speech tempo [12],
later alignment of pre-nuclear rises [7], and more
sentence and phrase-internal pauses [13]. In [13]’s
comparison of German, Swiss and Austrian varieties, f0 reset between prosodic phrases differed
depending on the type of phrase for Swiss and
German but not for Austrian.
[2] investigated f0 realisation of falling vs. rising phrase-final pitch accents in Standard Southern
British English (SSBE) and Northern Standard German (NSG) and the extent to which this depended
on the duration of voicing during the pitch accent.
She found that speakers of SSBE realised the entire range of the f0 trajectory on both falling and rising pitch accents, even when the duration of voicing
was reduced, leading to successively steeper f0 contours. [2] referred to this pattern as compression.
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recorded both males and females we speakernormalised for sex-specific f0 differences by converting the f0 into semitones with a reference value
of 1Hz using the formula in Equation 1.

rier sentences slightly to be more natural for speakers of Austrian German. At the beginning of the
experiment, participants were required to read the
introductory paragraph out loud: Franz und Sisi
schauen fern. Ein Lottogewinner wird vorgestellt.
Sisi sagt: “Na, geh!” (Franz and Sisi are watching
TV. The winner of a lottery is drawn. Sisi says, “No
way!”). For the remainder of the experiment, this introductory paragraph was presented visually above
all target sentences. The carrier sentences were designed to elicit a phrase-final pitch accent on both
rises (yes/no questions) and falls (declaratives):


(1) 12 ∗ log2

f 0(Hz)
1(Hz)



Following [2, 15, 3], we used Rate of f0 change as
our measure of truncation versus compression. This
measure was calculated by dividing the f0 excursion
(f0 maximum - f0 minimum) on each word by the
duration of sonorant material (in ms and measured
as described above).
We calculated an RM-ANOVA using the ez package [6] with Rate of change as the dependent variable; Length (short vs. long word) and Pitch accent
(fall vs. rise) as within factors and Speaker as a random factor.
If Austrian German behaves like Standard German, we should find (i) a main effect of Length on
Rate of f0 change, reflecting compression of the f0
trajectory as tokens get shorter; and (ii) an interaction between Length and Pitch accent, given that
this was only found in rising pitch accents. In other
words, Rate of f0 change should increase as Length
decreases on rises and the reverse should be true for
falls.
[2] plotted, but did not test statistically, the effects
of pitch accent and word length on f0 excursion.
We decided to also test this statistically. As such,
we calculated a second RM-ANOVA identical to the
first but with f0 excursion as the dependent variable
(without dividing it by the duration of sonorant material). If Austrian German realises rising and falling
pitch accents in the same way that Standard German
does, there should be i) a main effect of Length on
f0 excursion, reflecting compression of the f0 trajectory as tokens get shorter; and (ii) an interaction
between Length and Pitch accent, reflecting an effect of length on f0 excursion in falls but not in rises
(given that falls were found in [2] to truncate and
rises were found to compress).

Falls: Das ist doch der Herr [target]! Unser neuer
Nachbar! (That’s Mr. [target]! Our new neighbour!)
Rises: Ist das nicht der Herr [target]? Unser neuer
Nachbar? (Isn’t that Mr. [target]? Our new
neighbour?)
All tokens (2 word lengths * 2 pitch accent patterns * 10 repetitions = 40 tokens per speaker) were
presented in randomised order together with 2 repetitions each of 20 filler sentences. For the first three
speakers, only 5 repetitions were recorded (= 20 tokens per speaker).
Recordings took place in a sound-treated booth
using SpeechRecorder [1] (sampling rate of 44 100
Hz at 16 Bit; mono). Tokens were presented on an
external monitor mounted on the outside window of
the booth. Breaks were offered as necessary, and
the recording took approximately 20 minutes. All
participants were paid for their time thanks to funding provided by the LingLab at the Karl-FranzensUniversität Graz.
Data were automatically segmented and labelled
using WebMAUS, with signal processing carried out
in emuR and statistical analysis in R [5, 14, 9].
First, we extracted the voiced portions of all target
words (i.e., those samples with a trackable f0 above
0 Hz). In order to compare our results with those of
[2, 15], we calculated the duration of sonorant material in the same way as these previous studies. That
is, for monosyllabic tokens we measured the duration of voicing, while for the bisyllabic tokens we
added the duration of the intervocalic /f/ to the duration of voicing in both syllables for the final measure. [2]’s justification for this is that this intermediate voiceless duration is nonetheless part of the duration of the whole pitch accent1 .
We then measured f0 (in Hz) using the SchaeferVincent algorithm (function ksvFO in emuR) [10].
[2]’s subjects were all female, but because we

3. RESULTS
3.1. Rate of f0 change

Figure 1 displays rate of f0 change (speaker means)
as a function of word length and pitch accent. Rate
of f0 change was greater for shorter word lengths
than for longer word lengths for both falls and rises.
However, the effect of word length appears to be
much stronger on rising pitch accents.
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word

Schiefer

word

Schiff

Schiff

20

mean f0 excursion (st)

rate of f0 change (st/ms)

0.125

Schiefer

0.100

0.075

0.050

15

10

5
0.025
rise

fall

rise

fall

pitch accent

pitch accent

Figure 1: Rate of f0 change (st/ms, speaker
means) of long words (dark grey) and short words
(light grey) separately for falls (left) and rises
(right)

Figure 2: f0 excursion (in st, speaker means)
of long words (dark grey) and short words (light
grey) separately for falls (left) and rises (right)

4. DISCUSSION
Results of the RM-ANOVA revealed an effect of
Length (F(1, 9) = 1.04, p < .001) and an interaction between Length and Pitch accent (F(1, 9) =
20.83, p < 0.01), but no main effect of Pitch accent. Post-hoc t-tests with Bonferroni corrections
revealed effects of Length on both rising (p < .001)
and falling (p < .05) pitch accents as well as an effect of Pitch accent on long words (p < .001).

4.1. Rate of f0 change

Our data show an increased rate of f0 change as the
amount of sonorant material (i.e. word length) shortens for both rising and falling pitch accents. That
is, our data reveal that both rising and falling pitch
accents in Austrian German are subject to compression, although rises appear to compress more than
falls (see Figure 1). The slower rate of f0 change
for rising pitch accents than for falling pitch accents
on longer words is perhaps not surprising given the
tendency for f0 declination, which would increase
the rate of change on falling pitch accents but work
against it on rises.
This pattern is rather different to the patterns
found for the German varieties reported in [2, 15].
While both of these studies found rate of f0 change
increased as word length decreased for rises (= compression), they found the reverse effect for falls: rate
of f0 change decreased as word length decreased (=
truncation).
At first glance, this result might be interpreted
as Austrian German patterning cross-linguistically
more with SSBE, which showed compression of
both rising and falling pitch accents in [2]. However,
[2] found little difference in the amount of compression of rising vs. falling accents in SSBE, whereas
Figure 1 shows quite a difference in our data. As

3.2. f0 excursion

Figure 2 shows f0 excursion (speaker means) as a
function of word length and pitch accent. f0 excursion was greater for longer word lengths than for
shorter word lengths for both falls and rises. However, the effect of word length appears to be much
stronger on falling pitch accents.
Results of the RM-ANOVA revealed an effect of
Length (F(1, 9) = 2.99, p < .001) and an interaction between Length and Pitch accent (F(1, 9) =
35.04, p < 0.001), but no main effect of Pitch accent. Post-hoc t-tests with Bonferroni corrections
revealed effects of Length on both rising (p < .001)
and falling (p < .001) pitch accents as well as an
effect of Pitch accent on long words (p < .01).
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such, the phonetic realisation of falling vs. rising
pitch accents in Austrian German appears to be different from both SSBE and Standard German.

word

4.2. f0 excursion

fall

For the falling pitch accents in [2]’s NSG data, there
was a visible decrease in f0 excursion as word length
decreased. However, word length did not appear to
affect f0 excursion on rising pitch accents: f0 excursion remained the same across all word lengths. This
fits well with her conclusion that rising pitch accents
are simply compressed for NSG while falling pitch
accents are truncated.
However, this is not the pattern we found in our
Austrian German data (see Figure 2), where f0 excursion was smaller in shorter than in longer words
for both pitch accents, with the effect of word length
greater on falls than on rises. It seems likely, then,
that Austrian German compresses both falling and
rising pitch accents, but that the compression has
different phonetic realisations depending on pitch
accent.

Schiefer

Schiff

rise

f0 excursion (st)

96

92

88

84
0

100 200 300

0

100 200 300

mean duration of voiced portion (ms)
Figure 3: f0 excursion (min & max f0 in st, averaged acrossed all speakers and repetitions) of
short words (dotted lines) and long words (solid
lines) as a function of voicing duration for falls
(left) and rises (right)

4.3. Different types of compression

In order to visualise how Austrian German speakers compress their rising and falling pitch accents,
Figure 3 plots the f0 minimums and maximums (in
st, mean across all repetitions and speakers) for each
word length and pitch accent pattern as a function
of the duration of sonorant material (see Section 2).
In other words, f0 excursion, as described and tested
above, is plotted against time.
Figure 3 reveals the following. Firstly, for both
word lengths, f0 increases over the duration of a rising pitch accent and decreases over the duration of
a falling pitch accent, whereas falling pitch accents
on short words in NSG did not actually decrease in
f0. Secondly, word length affects f0 excursion of
both rises and falls, with the effect stronger for falls,
whereas in [2], rising pitch accents in NSG differed
in duration but not in f0 excursion. Finally, word
length affects the slope of the f0 excursion for both
rises and falls, in that shorter words have steeper
slopes. That is, as sonorant material decreases,
speakers do in fact realise more of the full f0 trajectory than they would if they were to simply truncate
(in which case the two slopes would be parallel). Interestingly, while there is compression of the f0 trajectory in falls, reflected in the effect of word length
on slope, the main difference is one of f0 excursion.
For rises, on the other hand, there is much less difference in f0 excursion but a greater difference in
slope depending on word length. Therefore, for ris-

ing pitch accents, the effect is predominantly one
of compression of the timespan of the f0 trajectory,
whereas for falling pitch accents we see what [3, p.
172] refer to as “compression in time plus narrowing in the frequency domain”. The overall pattern
shown in Figure 3 and described here is representative of all individual speakers. That is, all speakers show compression in time for both falling and
rising pitch accents, with additional compression in
frequency for falls.
5. CONCLUSION
These data shed new light on the differences in the
prosody of an Austrian German variety compared
with Standard German. Our results show that, under increasing time pressure, Austrian German compresses both rising and falling pitch accents, unlike Standard German but similar to SSBE. Unlike
SSBE, however, Austrian distinguishes between the
rising and falling compression patterns. Rising pitch
accents in Austrian behave like those in SSBE, in
that the compression occurs primarily in the time
domain. Falling pitch accents, however, additionally
show compression of the f0 excursion itself. Future
analysis will investigate individual variation in compression patterns.
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1

We carried out an additional analysis using only the
voiced portions of both the monosyllabic and the bisyllabic tokens as durations, but found no difference in over-
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ABSTRACT
It has often been found that syntactic structure is
referred to in phonology (e.g., [1, 2]). This claim has
been tested, for example, in downstep in Japanese
([6]), wherein accented phrases are lower-pitched
after an accented phrase within the domain of a
major phrase ([3, 4, 5]). Considering, in particular,
the finding in the literature that syntactic category
has an effect on this process ([7, 8, 9]), we
conducted a production experiment testing nouns
and verbs modifying a noun and nouns in the
predicate VP. Downstep occurs in all of them.
Putting these together, adjectives in the attributive
use may block downstep, whereas those in the
predicative use as well as nouns and verbs in either
use do not. We propose an explanation that takes
into account the function of downstep and natural
ordering of adjectives in attributive modification.
Keywords: downstep, Japanese, prosody, syntactic
category
1. INTRODUCTION
In the literature on syntax-phonology interface, it is
often found that syntactic structure is visible in
phonology, especially in prosody (e.g., [1], [2], et
seq.). Downstep in Japanese, where accented
accentual phrase triggers the following accentual
phrase to be on a lower-pitched register (e.g., [3],
[4], [5]), offers an excellent place from which to test
the claim, because it is a phrase-level prosodic
process. For example, the boundary between the
subject and predicate VP [6] and the left edge of a
maximal projection of an XP [7] were found to
(variably) block downstep. Additionally, certain
syntactic categories have been argued to be involved
in the application; [7] reports that NPs block
downstep whereas APs do not, although the opposite
results are reported in [8]. At the same time, not all
syntactic boundaries are referred to in downstep. For
example, relative clause boundaries do not block it
([9]).
In this paper, considering the findings in the
literature ([7], [8], [9]), we further investigate the
effect of syntactic categories on downstep. In
particular, we focus on verbs and nouns. The results
suggest that they do not block downstep. After
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considering all the results in the literature ([8], [9]),
we will propose that it may not be the syntactic
category in itself but rather the consequences for the
semantic interpretation of a particular category in a
particular syntactic position (attributive) that may
block downstep.
We review the relevant studies in §2, then present
our experiment in §3. Then, we discuss with past
results in §4. Finally, §5 provides a brief summary.
2. LITERATURE ON SYNTACTIC
CATEGORY AND DOWNSTEP
Lexical categories have been argued to affect
downstep in Japanese. For example, adjectives (A)
and nouns (N) are compared in [7] in structure [A1
[A2 N]] vs. [N1 [N2 N3]]: downstep occurs only in
A2, not in N2.1 In [8], which increases the number of
speakers and follows the more traditional definition
of downstep found in the Japanese literature (see
note 1), the opposite pattern is found: downstep
occurrs in N2 but is blocked in A2.
The finding in [8] that adjectives block downstep
whereas nouns do not may be explained if we
assume that (attributive) adjectives, being inflected
for tense, project relative clauses whereas nouns
(modifying other nouns) do not in Japanese ([10]).
[9] tested the hypothesis that relative clause
boundaries block downstep by using the past tense
forms of adjectives and verbs: [[VPAST]RC [APAST]RC
N]NP vs. [[VPAST]RC [VPAST]RC N]NP. If the hypothesis
was correct, downstep would be blocked in both of
these, at the second relative clauses that house A and
V, respectively. [9] also tested A and V in
predicative position, that is, without involving the
relative clause boundary: N-ga A vs. N-ga V (-ga is
a nominative marker). If the hypothesis was correct,
downstep would occur in A and V, because there
was no relative clause boundary here. Downstep
occurred in both A and V conditions regardless of
the presence or absence of the relative clause
boundary, suggesting that this particular type of
syntactic boundary does not block downstep. Note
that adjectives overall did not block downstep in [9]
unlike in the results in [8]. However, importantly,
interspeaker variation is noted in [9] for the A
condition involving the relative clause, as opposed
to the N condition in the same structure, for which

the results were more robust (see [9] for details of
the interspeaker variability).2
To recapitulate the results in [8, 9], summarized
in Table 1, among the categories examined (in
particular syntactic conditions), adjectives in their
attributive use may block downstep. The results also
suggest that more research is necessary in order to
fully understand the role of the syntactic category in
downstep in Japanese.
Table 1: Presence (Ö) and absence (X) of
downstep in [8, 9].

Noun

Adjective
X ([8])
Ö/X1 ([9])

Ö ([8])
Nonpast
Past (in RC)
Predicative
Ö ([9])
1
Interspeaker variation noted.

downstep environment because of the unaccented
phrase in the trigger position.
(1) Trigger
Target
Head N
a. nayán-da
damé datta
mago
worry(V)-PAST
no good(N) was grandchild
‘(my) grandchild who worried and that was no good’
b. manan-da
damé datta
mago
study(V)-PAST
no good(N) was grandchild
‘(my) grandchild who studied and that was no good’
(2) Trigger
Target
Head N
a. mayó-u
nayám-u
mago
get lost(V)-NON PAST worry(V)-NON PAST
‘(my) grandchild who studies and that worries’

Verb
Ö ([9])
Ö ([9])

b. manab-u
nayám-u
mago
study(V)-NONPAST worry(V)-NONPAST
‘(my) grandchild who studies and that worries’

3. EXPERIMENT
In this paper, we fill the missing possibilities in
Table 1 so that we can discuss the category effect in
general, which we will do in §4. In particular, we
investigate in a production experiment whether
downstep occurs in nouns with the copula in the past
tense, modifying a head noun, verbs in nonpast tense
forms modifying a head noun, and nouns in the
predicate VP. We first discuss the methodology,
including our test sentences (§3.1) and details of
recording and measurements (§3.2). We report the
results in §3.3, where we will show that downstep
occurred in all the conditions examined in the
experiment.

(3) Trigger
Target
a. magó-ga
námi
grandchild-NOM Nami(N)
‘(my) grandchild is called Nami’
b. mei-ga
námi
niece-NOM
Nami(N)
‘(my) niece is called Nami’
There are two phrases for each of the types in (1) to
(3), totaling twelve test phrases. These were put in
the carrier phrase áni-wa ___ to itta ‘(my) brother
said ___.’ Eight lists were made; each list had the
test sentences in different order.

3.1. Test sentences

3.2. Recording and acoustic analysis

The test phrases used in the experiment are given in
(1) to (3). The acute accent indicates a lexical
accent. Phrases in (1) and (2) are noun phrases as a
whole. In phrases in (1a) and (2a), the second noun
(1a) and verb (2a) are the target of downstep.3 The
target noun in (1a) is with the copula in the past
tense form and the target verb in (2a) is in the
nonpast form. If downstep occurs, the pitch of those
target phrases in (1a) and (2a) would be lower than
the pitch of the target phrases in (1b) and (2b),
respectively, where the trigger phrases are
unaccented and thus the target is not in the downstep
environment. (3) gives a different syntactic structure
for the target noun than in (1) and (2); it is used
predicatively, whereas the targets in (1) and (2) are
in the attributive position in the sense that they
modify the head noun. If downstep occurs in (3a),
the pitch of the target noun would be lower than the
pitch of the target noun in (3b), which is not in the

Six female speakers from Tokyo or nearby areas
participated in the experiment. They read the eight
lists discussed in §3.1. The recording was done in a
studio with sound-attenuated walls. A unidirectional
dynamic headset microphone (SHURE SM10A;
frequency response: 50–15,000 Hz) and a digital
recorder (Marantz PMD661), with a 44,100 Hz
sampling rate and 24-bit quantization, were used.
The peak f0 in each phrase, including the
subject/topic phrase áni-wa in the carrier, was
measured using a script called ProsodyPro ([12]). F0
perturbation was fixed manually when observed.
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3.3. Results

To examine whether the targets were downstepped,
linear mixed-effects analyses were conducted on the
relation between the peak f0s of the target and the
trigger accentuation, using R (ver. 3.1.2) and

Figure 2: Peak f0s of each phrase in (2): Verb
280
270
260
250

Hz

lmerTest package. The speaker and item were
entered into the model as random effects; random
intercepts and random slopes were included for both.
The results are given in Table 2. Downstep was
observed in all three types investigated in the
experiment: the accent difference (accented vs.
unaccented) has a significant effect on f0 of the
target phrase in pairs (1a) vs. (1b) (p = 0.034), (2a)
vs. (2b) (p = 0.00272), and (3a) vs. (3b) (p =
0.00492).

240
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Table 2: Results of linear mixed-effects analyses

Topic

Trigger

Target

Verb_A

Type
(1)
N
(2)
V
(3)

b (Hz)
235.591
9.315
229.687
10.779
230.285
10.008

t
32.477
2.894
36.813
5.496
46.675
5.777

p
< .001
0.034
< .001
< .01
< .001
< .01

Figure 3: Peak f0s of each phrase in (3)
280
270
260
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Pred.
N

(Intercept)
Trig.Unacc.
(Intercept)
Trig.Unacc.
(Intercept)
Trig.Unacc.

The presence of downstep can be seen in graphs
in Figures 1 to 3, showing the mean peak f0 values
of the six speakers for each phrase in the test
sentence. Error bars indicate standard errors. We can
see that the pitch peak in the target phrase is lower
when the preceding phrase is accented (solid line)
than when it is unaccented (dotted line) in each
graph (i.e., an indication of downstep).
Figure 1: Peak f0s of each phrase in (1): Noun
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Trigger
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4. DISCUSSION
The current experiment suggests that downstep
occurs in nouns with the past tense form of the
copula modifying the head noun (1a), verbs in the
nonpast tense form modifying the head noun (2a),
and also in nouns in the predicate VP position (3a).
These results, together with those in [8] and [9], are
summarized in Table 3.
We can see that downstep occurs in all conditions
except attributive adjectives in the nonpast tense
form. Recall that it was noted in [9] that the relative
clause-internal adjectives in the past tense form
(modifying the head noun) had interspeaker
variation whereas the verbs showed a more stable
pattern across speakers. Putting together, these
indicate that adjectives, in particular when used
attributively modifying a noun, may block downstep
while predicative adjectives and other categories
(noun and verb) do not do so.

280

Topic

HeadN

Verb_U

HeadN

Noun_U
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5. CONCLUSION

Table 3: Presence (Ö) and absence (X) of
downstep in [8, 9] and current study.

Noun

Adjective
X ([8])
Ö/X1 ([9])

Ö ([8])
Non-past
Past (in RC)
Ö
Predicative
Ö
Ö ([9])
1
Interspeaker variation noted.

Verb
Ö
Ö ([9])
Ö ([9])

We propose that this pattern of the attributive
adjective blocking downstep can be explained if we
think of the function of downstep and the role of
adjectives when used in the attributive modification.
Downstep demarcates a Major Phrase ([3, 4, 5]).
Because it is blocked when there is an attributive
adjective, attributive adjectives, when they are used
in a row of words individually modifying a head
noun, insert a Major Phrase boundary. Assuming
that a Major Phrase marks a domain for a sequence
of words that is united in terms of meaning in the
sentence, we can interpret the blocking of downstep
with attributive adjectives as showing an
interruption in the natural flow in meaning in the
sequence of phrases modifying the head noun ([A [A
N]]).
What, then, creates the interruption of natural
flow at the adjective in that particular position? We
speculate that there are two reasons. One is that the
structure where two adjectives individually modify a
head noun is not natural, although not
ungrammatical, in Japanese. In fact, in our intuition,
when there are two adjectives modifying a noun, a
structure in which the first one is in the conjunctive te form ([[A-te A] N]) sounds more natural. This
unnatural construction might have caused the
speaker to make a boundary between the two
adjectives.
Another line of possible reasoning for the
interruption of natural flow involves the order of
attributive adjectives in Japanese. Although it has
been said that the order is free in Japanese, unlike in
languages such as English where there exists a
natural order (e.g., small square table but *square
small table ([13]:783, taken from [16]:565)), recent
studies argue that certain attributive modifications
(both with adjectives and nouns) have a natural
order in Japanese ([13]). If the two adjectives in [8]
were of the kind involving such an order and their
order did not follow the hierarchy presented in [13],
the particular sequence of adjectives used in the
experiment in [8] might have caused the speaker to
insert a Major Phrase boundary at the beginning of
the second adjective in the [A [A N]] sequence.
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This paper investigated the role of the syntactic
category in prosody, in particular in Japanese
downstep. The literature diverges about the effect of
the category. The left edges of NPs block the
application in [7], whereas they do not have the
blocking effect in [8]. Rather, (attributive) adjectives
may block the application in [8] and [9]. Verbs do
not affect downstep, either ([9]). Moreover, in the
predicate position, downstep occurred in adjectives
and verbs.
To gain a more complete view of how the
syntactic category may be involved in downstep, an
experiment was conducted in which six speakers
participated. The results suggest that downstep
occurs in verbs in the non-past form that modify the
head noun, in nouns with the past tense form of the
copula modifying the head noun, and in nouns in the
predicate VP position.
The results in [8] and [9] and the current
experiment overall suggest that adjectives in
attributive use may block downstep, whereas nouns
and verbs modifying a noun and all three (adjectives,
nouns, and verbs) in the predicate VP position are
downstepped.
We propose that the explanation lies in the
function of downstep and naturalness of word order
in attributive modification. Blocking downstep
creates a major phrase boundary, which signals an
interruption in the flow of the natural sequence of
words that otherwise would make a single major
phrase. The attributive adjectives in [8] (and in [9] to
the extent that there was interspeaker variation)
created unnatural flow due either to the structure
used in the experiment or to the violation of ordering
hierarchy expected for attributive modification in
Japanese ([13]). Hence, a major phrase boundary
was inserted, and downstep was blocked there. The
above reasons are sheer speculation, and an
experiment is needed to see whether it is the
(un)natural flow of words in a sequence that
explains the pattern that the attributive adjectives
show in downstep.
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_______________________________
1
Downstep is defined differently in [7], using the
syntagmatic diagnostic ([11]), than in most studies on
Japanese downstep (which use paradigmatic diagnostic).
2
Speaker variation was virtually negligible in the
adjective condition in [8] due to the small number of
speakers. It would be interesting to investigate with a
larger number of participants.
3
We assume that adjectival nouns, including dame, are a
subclass of nouns; see [14] and [15], where it is argued
that the boundary between those two word classes is not
always clear.
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ABSTRACT
This study investigated how advanced EFL learners
of Taiwan Mandarin align accent peaks in their L1
and L2, as compared to their native English
counterparts. Twenty-two advanced Mandarin EFL
learners and 22 native American English speakers
read 21 English monosyllabic stimuli embedded in a
declarative carrier sentence. The EFL learners also
read an additional list of 21 sentences in which
phonotactically-matched Mandarin stimuli were
embedded. Results showed that EFL learners aligned
pitch peaks in Mandarin earlier than those in English
in the prenuclear position but later in the nuclear
position. Moreover, EFL learners' relative peak
alignment of English H* pitch peaks were
comparable to that of their native English
counterparts in both prenuclear and nuclear accents.
However, there was a tendency for EFL learners to
realize the prenuclear accent as L+H* instead of the
default H*. Such difference is not likely due to L1
transfer, but insufficient L2 proficiency.
Keywords: speech prosody, L2 acquisition, tonal
alignment
1. INTRODUCTION
Prosody is an important element in successful
speech communication. However, its acquisition has
been especially challenging for second language
(L2) learners. Previous studies have shown that L2
intonational deviations from the target norm range
from pitch accent alignment [3, 5, 9], to pitch range
realization [2, 17, 18, 20], to phrasing [6], among
others. This study focuses on the alignment of pitch
accents. Peak alignment is one of the essential issues
discussed in suprasegmental research [10, 11];
Previous studies have shown that languages may
have their own preferred characterizing peak
alignment locations. For example, English
distinguishes between early and late peak alignments
[14, 15]; the peak alignment of prenuclear accents in
Dutch is determined by the structure of the accented
syllable [7]; the peak alignment of the Mandarin
rising tone is near the end of syllable boundary [19].
Different tone types may also be manifested mainly
by the timing of peak alignments. For example,
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according to the prosodic labeling system of English
Tone and Break Indices (ToBI) [1], one of the
defining characteristics between an L+H* and an
L*+H tone is in fact timing, with the H tone in the
former being aligned earlier than that of the latter. In
other words, pitch accent alignment is influenced by
both linguistically intrinsic factors such as pitch
accent types, and extrinsic factors such as language
preferences. In L1 acquisition, the extrinsic factor
may not pose as a difficulty, as children should
naturally acquire the preferred alignment location of
a given tone in their native language. However, in an
L2 setting, when learners happen to come from a
language that has a different preference for tonal
alignment, one would expect it to be more
challenging. The difficulty might be somewhat
analogous to what was found for VOT in segmental
studies, in which different voiceless-vs.-voiced
divides are preferred by different languages [4].
In this study, Mandarin learners of English were
chosen as the target of study. This language pair is
especially interesting for examining pitch accent
alignment, as tonal alignment pattern in Mandarin
remains stable in spite of contextual differences [19]
while English seems to have more variability in
alignments according to other factors such as speech
rate [16] and dialectal variation [8]. Whether this
will affect learners’ English is a topic worth
investigating, as previous studies have not yet been
unanimous on this. For example, Lu and Kim [9]
found that the alignments produced by Mandarin
speakers of English was much later than those by
their English counterparts. As Mandarin indeed
tended to prefer a later peak alignment [19], they
attributed this to L1 transfer. However, since Lu and
Kim [9] have not included Mandarin in their study,
it is difficult to ascertain whether it was indeed due
to L1 transfer or it was caused by insufficient
glottal-supraglottal coordination in one’s less
proficient language. In the work of Chen and Fon [3]
on early Mandarin-English bilinguals, they also
found later peak alignment among Mandarin
learners, but only in prenuclear accent positions. For
nuclear accents, no difference was found. As nuclear
accents by definition occur later in time than
prenuclear ones, it is possible that a differential
degree of articulatory preparedness might be
involved. In addition, since the Mandarin learners in

Chen and Fon [3] were early near-native ESL
learners arising from an immersion environment,
while those in Lu and Kim [9] were late nonnative
EFL learners living in an immersion environment,
there may be some substantial differences between
the two groups. Therefore, in this study, we focused
on advanced yet nonnative EFL learners in Taiwan
to see more clearly the potential learning trajectory
of pitch alignment.
2. AIMS OF THE STUDY
There are two specific aims in this study. First, we
would like to investigate whether advanced
Mandarin EFL learners in Taiwan would align their
English tones later than their native counterparts in
general, as was suggested by Lu and Kim [9], or
whether they would show a learning edge towards
nuclear accents and master them earlier, as was
implied in Chen and Fon [3]. Secondly, we would
also like to examine the claim about Mandarin tonal
alignment being later than English, so as to see
whether L1 transfer is in fact at work. If learners
align their Mandarin and English in a similar
fashion, then the L1 transfer hypothesis can be more
substantiated. On the other hand, if there is little
correlation between learners’ alignment in Mandarin
and English, then other factors might be at work in
the learning process.
3. METHOD
3.1. Participants

Two groups of speakers were recruited in this study.
The first group included 22 native Mandarin EFL
learners in Taiwan (11 males and 11 females), aged
18-30. All of them were considered advanced
learners, as they were either English majors in
college and/or had obtained an advanced level of
CEFR B2 or C1 in an English proficiency test of
CEFR B2 or C1. The second group included 22
native American English speakers from the U.S. (11
males and 11 females), aged 18-30, who served as
native controls.

embedded as the last word in the sentence. The
sentences were printed on individual index cards for
recording.
3.3 Equipment and recording procedure

A KORG DAT MR-1000 digital recorder along with
a SHURE SM10A head-mounted microphone were
used for the recording. All participants were
recorded individually in a soundproof recording
room. The participants were asked to read aloud the
sentences at a normal speed and in a natural fashion.
They were asked to repeat if there was any pause,
cough, or slip of tongue occurring in the middle of
their production. The native speakers read only the
English sentences while the EFL learners read the
additional Mandarin sentences after they read the
English sentences. In each session, all 21 sentences
were randomized and each speaker had a different
randomization order.
3.4 Measurement

The English sentences were labeled using the
English ToBI system [1]. Both nuclear and
prenuclear accents were identified, and their pitch
peaks were extracted using Praat [12]. The Mandarin
sentences were labeled according to the PanMandarin-ToBI system [13], and pitch peaks of
stressed syllables (mostly on zi ‘character’ and the
target word) were also extracted. Syllable
boundaries were determined based on visual
inspection of the spectrogram.
4. RESULTS
Figure 1 shows the choice of pitch accent tone types
among EFL learners and native speakers in English
prenuclear accents.
Figure 1: Distribution of pitch accent tone types
for English in the prenuclear position among EFL
learners and native English speakers

3.2. Material

The reading materials were 21 English declarative
sentences of a simple SVO structure in the form of I
know the word X. Words of a CV or CVC syllable
were embedded as the last word in the sentence. In
addition, 21 Mandarin declarative sentences were
included as reading materials for the EFL learners.
These were comparable sentences of Zhege zi nian X
‘This character reads X’. Phonotactically matched
Mandarin Tone 4 (i.e., high-falling) syllables were

2857

Interestingly, tone type preferences were quite
different between EFL learners and native speakers.
Native speakers preferred to use H* more while EFL
learners preferred to use L+H* more [2(1) = 56.67,
p < .0001]. This indicates that for prenuclear

accents, H* tone seemed to be more of a default
choice for native speakers: of all the 396 tokens, 253
(64%) of them were realized as H* and 143 (36%)
as L+H* [2(1) = 15.58, p < .0001]. As for EFL
learners, they tended to realize the prenuclear accent
as L+H* instead of the default H*: of all the 455
tokens, 173 (38%) were realized as H* and 282
(62%) as L+H* [2(1) = 13.26, p < .001].

Figure 3: Alignment of prenuclear accent realized
as L+H* among EFL learners and native English
speakers.

4.1. Prenuclear accents

Figures 2 and 3 show the alignment of prenuclear
accents realized as H* and L+H*, respectively. The
timing of H* occurrence in total syllable duration
are also shown in the bar chart of Figure 4. Figure 5
shows the speech rate (syllable per second) of both
prenuclear and nuclear accents among the two
groups of speakers. In general, EFL learners showed
different alignment preferences for their Mandarin
and English, with the former being much earlier than
the latter (the high tone and H* occurred at about
51.78% and 85.86% of the total syllable duration,
respectively; [t(29) = -6.84, p < .0001]). EFL
speakers were also found to utter their Mandarin
significantly faster than English (5.24 syll/s and 3.89
syll/s for Mandarin and English, respectively; [t(21)
= 5.29, p < .0001]. It is also interesting to find that,
in both H* and L+H* cases, EFL learners indeed
placed their English accent peaks later than their
native counterparts, yet the difference was mainly
due to their slower speech rate (3.89 syll/s and 5.42
syll/s for EFL and native speakers, respectively
[t(42) = -4.12, p < .0001]). The relative location for
pitch alignment was rather comparable, as shown in
Figures 2 and 3. In the case of H*, the peaks
occurred at about 85.86% and 79.64% of the total
syllable duration in EFL and native speakers,
respectively [t(21) = 0.69, ns]. As for L+H*, the
peaks were placed at about 98.09% and 99.46% of
the total syllable duration in EFL and native
speakers, respectively [t(20) = -0.21, ns]).

Figure 4: Timing of H* in total syllable duration
for prenuclear accent, in cases of H* (left) and
L+H* (right).

Figure 5: Speech rate of prenuclear (H* and
L+H*) and nuclear accents among EFL learners
and native speakers.

Figure 2: Alignment of prenuclear accent realized
as H* among EFL learners and native English
speakers. MN: Mandarin; EN: English.

4.2. Nuclear accents

Figure 6 shows the alignment of nuclear accents
realized as H* among EFL learners and native
English speakers. The timing of H* occurrence in
total syllable duration is also shown in the bar chart
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of Figure 7. Contrary to the case of prenuclear
accent, EFL learners aligned their pitch peaks earlier
in their English than in their Mandarin for nuclear
accents (the H* occurred at about 30.20% and
22.54% of the total syllable duration in Mandarin
and English, respectively [t(21) = 5.19, p < .0001]).
The two figures suggest that, for nuclear accents,
EFL learners showed a similar alignment pattern
with that of native English speakers (both had H*
occurring at about 23% of the total syllable duration
[t(42) = -0.28, ns]). Their speaking rates were also
comparable, as shown in Figure 5 (2.36 syll/s and
2.55 syll/s for EFL and native speakers, respectively
[t(42) = -1.67, ns]).
Figure 6: Alignment of nuclear accent realized as
H* among EFL learners and native English
speakers

Figure 7: Timing of H* in total syllable duration
for nuclear accent.

5. DISCUSSION AND CONCLUSION
The results in this study were somewhat surprising,
and did not exactly correspond to previous studies.
First of all, compared to native English speakers,
EFL learners indeed showed some differences
between nuclear and prenuclear accents, but the
difference mainly lay in speaking rate, not relative
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peak alignment. This is in contrast with what was
found in the previous studies on ESL learners [3].
One suspects that the incongruence might have
something to do with the fact that previous studies
had not taken into consideration the effect of speech
rate (cf. [3]). Once speech rate is taken into
consideration, L2 speakers actually align their pitch
peaks at fairly comparable positions.
Secondly, we found that Mandarin peak
alignments of falling tones were unanimously earlier
than English in the prenuclear position. This implies
that any late peak alignment found for EFL learners
could not have been due to L1 transfer from
Mandarin, but should have been due to some other
factors, such as difficulties in articulatory
coordination between glottal and supraglottal
gestures. The fact that there were disproportionately
more L+H* in the prenuclear but not the nuclear
position implies that such a possibility exists.
Finally, the results suggest that in an L2 setting,
choice of pitch accent tone types may be somewhat
challenging for EFL learners. Similar results have
also been found in Graham & Post [5], where both
Spanish and Japanese learners of English showed
pitch accent choices different from those of native
English speakers. In this study, although EFL
learners had different choices of tone types from
native speakers in prenuclear accents, their
realization of pitch alignment was shown to be very
similar to that of native speakers once they master
the particular tone type in question (i.e. H*).
Therefore, the challenge that EFL learners face in
the acquisition of L2 prosody may lie in choosing a
target-like pitch accent contour shape rather than in
the actual realization of tonal alignment itself. This
may also imply that H* in English is a relatively
challenging tone type for L2 learners to acquire, so
instead of trying to realize H*, they chose to use
another tone type, L+H*, which they find easier to
master. Whether such strategic difference can also
be found in other aspects of prosody awaits further
investigation.
In summary, there was indeed some differences
between prenuclear and nuclear accents in L2
prosody. Advanced EFL learners showed peak
alignment and syllable duration comparable to their
native counterparts in the nuclear position, but only
showed comparable alignment but not syllable
duration in the prenuclear position. Late peak
alignment for the prenuclear position found in
previous studies was probably not a genuine
alignment difference, but a natural consequence of a
slower speech rate. Nonnative-like prosody in
advanced EFL learners could possibly be due to
difficulty in articulatory coordination, rather than
simple L1 transfer.

Mandarin system for prosodic transcription. In S.-A.
Jun (Ed.), Prosodic Typology: The Phonology of
Intonation and Phrasing. Oxford: Oxford University
Press.
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ABSTRACT
This paper presents SLAM+, derived from SLAM
[14], a language independent software dedicated to
the data-driven melodic annotation of speech
corpora, available online1. We discuss three main
innovations introduced by SLAM: (i) the pitch
format can be fixed by the user; (ii) the data quality
is enhanced thanks to the integration of an additional
step of pitch cleaning; (iii) the computing of two
registers – global and local – enriches the acoustic
processing.
Keywords: stylization, register, key and range,
support and target.
1. INTRODUCTION
The prosodic annotation of speech corpora raises at
least three questions: (i) the choice of a local or
global model to represent and annotate the
intonational characteristics of continuous speech; (ii)
the methodology used for the phonetic processing of
the melodic curve on which the annotation is based;
(iii) the linguistic goal of the annotation.
Our work is motivated by linguistic and functional
purposes. Top-down models developed in the
phonological framework such as [3]; [9]; [12] and
[13] were not appropriate for our research at the
interface of intonation, syntax and discourse ([10])
since in these phonological approaches, the domain
of projection of the pitch curve is invariably the
syllable. In the Rhapsodie project, we needed a
flexible system where the intonational domain is
fixed by the user depending on the type of unit he
wants to characterize: prosodic, syntactic or
informational.
In contrast to a compositional phonological
approach, our method is based on a global
annotation of prosodic contours. While this
methodology is not new ([1];[4];[8]), it has never
given rise to an automatic labelling of speech
prosody. Furthermore, intonational modelling can be
1

https://github.com/vieenrose/SLAMplus
2861

used for two linguistic goals: typological studies
designed to model the intonational contours of a
language, and pragmatic analysis in order to explain
how prosody is used on-line in the message. While
in a typological approach, the variability of contours
due to the context is disregarded, in pragmatic
studies it must be taken into account. Hence, one
needs to account for register dynamics, i.e. to
differentiate local and global intonational registers.
This point is not taken into account in the models
currently used.
Section 2 presents SLAM model, a data-driven tool
for the automatic modelling and labelling of speech
prosody. In Section 2.1, we recap the basic
characteristics of SLAM (cf. [14] for an earlier
presentation). The improvement of phonetic
preprocessing in SLAM that motivated the
development of SLAM+ tools is presented in section
2.2: Speech cleaning (2.2.1); pitch stylization (2.2.2)
and register modelling (2.2.3). Section 3 is devoted
to the discussion and conclusion.
2. THE SLAM MODEL
2.1. SLAM PRINCIPLES

In the original SLAM Model, the contour of F0
(fundamental frequency) is represented by a set of
three acoustic values for each unit (Fig. 1):
● Initial: the initial value of the F0 on the unit
that corresponds to the first F0 value for
which speech is considered as voiced.
● Final: the final value of the F0 on the unit
that corresponds to the last F0 value for
which speech is considered as voiced.
● Main saliency: the value corresponding to
the most salient F0 peak with its time
position if one exists.
Frequency values are expressed in semitones relative
to the overall mean F0 of the speaker (Table 1).
Time positions are expressed relative to the
boundaries of the unit: first, middle or last part of the
unit.

Figure 1: Acoustic representation of a melodic contour.

The smoothing method, used to reduce the impact of
signal irregularities, remains the same as in SLAM,
i.e. the LOWESS algorithm [7]. It will therefore not
be discussed further here.
2.2.1. Pitch cleaning

Table 1: Pitch levels used for the representation.

2.2. PHONETIC PREPROCESSING IN SLAM+

The different steps of phonetic processing in SLAM
and SLAM+, presented in the following section, are
summarized in Fig. 2.
Figure 2: Processing flow of SLAM and SLAM+

Phonetic cleaning is even more crucial nowadays as
scholars mainly study ordinary speech. The quality
of this type of speech is highly variable.
Consequently, far from being resolved, pitch
tracking errors remain frequent even in the best
algorithms such as SWIPE used in SLAM ([5]). Yet,
for linguistic studies, it is essential to work on a
reliable melodic curve in order to develop an
accurate formal and functional model of intonation.
For this reason, in addition to SWIPE, a manual
pitch correction step was integrated in SLAM+.
Pitch cleaning is performed with Analor software
([2]) on the Praat PitchTier file of a sample. Fig. 3(a)
presents a Praat pitch tier in input. In the bell curve
on the left, we see the distribution of the pitch in the
sample. With this tool, the user can browse the
extreme values (extra-high or extra low) in the time
intervals concerned and delete or modify these
values if necessary, in order to obtain a clean pitch
as in Figure 3(b).
Figure 3(a): Input pitch to be cleaned.

Figure 3(b): Output cleaned pitch of 2(b).

.
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2.2.2. Pitch Stylization
● Framework of Stylization
The method that SLAM uses to represent the pitch
contours over a user-specified linguistic unit that we
call a “target” (see below), comprises three steps
(Fig.1; Table 1): (i) transform the curve into
coordinates relative to the reference times and
frequency: initial and final times are respectively
mapped to 0 and 1, while the key of the speaker
register is mapped to 0 semitone; (ii) sample the
frequency values of these two boundary points,
sample also the maximum peak if the peak
frequency exceeds endpoint frequencies from a
certain threshold θ (chosen as 2 semitones); (iii)
quantize the sampled frequencies in 5 regions with
equal step size ∆ (equal to 4 semitones), quantize the
time position of the peak with a step size of 1/3 of
the corresponding pitch duration. In SLAM+, the
same framework of stylization is used. What is
different is that the step size of frequency
quantization ∆ and the peak value sensitivity θ are
adapted to the (dynamic) register range.
2.2.3. Account for Register Dynamism
● “Support” vs. “Target”
In the SLAM model, the reference frequency is set
as the key of the intonational register for a speaker.
This key is computed by taking the average pitch
frequency over the speaker. In monologues, speaker
corresponds to the audio file as a whole, while in
dialogues, speaker corresponds to a time interval
associated to one and only one speaker that is before
any overlap or change of speaker. However, in the
case of a monologue, it cannot be excluded that the
speaker may change his/her register in a stretch of
discourse. Hence, we have extended the SLAM
model to adapt the frequency coordinate and its
quantization to the key and the register range
measured over a user-specified unit that we call “the
support”.
The flexibility of SLAM+ over SLAM with respect
to the notion of support is illustrated in Figures
(4.a-c), with the same targets being words of the
utterance
‘good
morning
my
people’
(ABJ_GWA_03_M, [6]). As shown in Figure 4(a), the
support - the speaker - is fixed in SLAM whereas in
SLAM+ the support can be chosen freely. Moreover,
when one wants to work at the local register level,
the support is the target itself, as in Figure 4(c).
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Figure 4(a) SLAM: support as speaker
Support
speaker
Target
good morning
my
people
Figure 4(b) SLAM+: support as prosodic unit
Support
prosodic unit
prosodic unit
Target
good morning
my
people
Figure 4(c) SLAM+: support as target
Support
word
word
word
Target
good morning
my
people

● Global vs. Local Registers
We distinguish two types of intonational registers:
global and local registers. When the support of a
target is chosen as the maximum extent of the
register involved in this target, the register estimated
over the support is considered as the global register.
On the contrary, if the support is chosen as the same
interval as the target’s, the register estimated in this
case is a local register.
● Dynamism of Key of Register
We propose in SLAM+ an estimation of the key of
the intonational register based on the target and
support specified by the user. Instead of computing
the key by taking the average of F0 over the support
as in SLAM, we take a weighted sum of pitch P(n)
centered on the target (Fig. 5):
k ey =

1
C

∑

P (n) · W (n)

n ∈ support

where C is defined as the sum of W(n) over the
support and W(n) is the resulting window function
defined as the linear convolution of a hard target
function T( n) and a mother window function S(n) as
below
W (n) = T (n) * S (n), n ∈ support
where T(n) is equal to 1 if n is in the given target,
and 0 if outside the target. Note that S(n), chosen as
Hann function by default, makes it possible to
configure the “slope” of the boundaries of the
resulting window W(n) in order to take into account
the temporal uncertainty of the segment boundaries
for local register estimation.
Figure 5: Illustration of the proposed approach for
estimation of key of range based on window method.

● Dynamism of Register Range
The register range corresponds to a measure which
characterizes the gap between the floor pitch and the
ceiling pitch. This measure is chosen such that each
of these two frequency regions tolerates only 𝛼
percent for saturation effect:
range = 2 × max (|q(100 − α) − k ey | , |key − q (α)|)

2.3 ILLUSTRATION OF OUTPUT

where q(x) stands for the x-th percentile of the pitch
over the given support, and 𝛼 is a parameter of range
sensitivity. A recommended value is located
between 1 and 5.
We recall that in SLAM, the frequency quantization
step size Δ is set as 4 semitones for 5 regions (i.e.
‘L’,’l’,’m’,’h’ and ’H’ ) regardless of the dynamic
range of register. To better account for a broad range
of registers, the frequency step size Δ is extended to
Δ = max (

range
5 , Δmin

specifies the minimum step size. When Δmin = 0, the
full dynamic range of quantization is entirely
adapted to the range of register while with Δmin = 4,
the frequency quantization is similar to the original
SLAM model. It should be noted that the peak
sensitivity θ, θ is set as Δ / 2 in accordance with this
extension.

)

where range stands for the estimate of the current
register range, Δmin is non-negative parameter which

Figure 6 shows the output of a SLAM+ workflow
for the sample, extracted from the NaijaSynCor
treebank (WAZA_08_M): to bodi matter right now
na di topic we wan troway (‘to body matter, right
now it is the topic we want to throw away.’). The
two combinations, i.e. support equal to target and
support larger than target, are respectively shown in
red and green lines and labels. While the local and
global contours of the first prenucleus are the same,
two different contours are generated for the second
prenucleus (medium level at the beginning vs. low
level).

Figure 6:  Output of SLAM+ workflow

3. CONCLUSION AND DISCUSSION
The design of the SLAM model began 5 years ago in
order to process the Rhapsodie resource, a syntactic
and prosodic treebank of spoken French ([11]). The
main specificities of SLAM can be summarized in 4
points. (i) Unlike previous methods grounded in
metrical-autosegmental theories, the annotation is
fully data-driven based exclusively on acoustic cues.
(ii) The prosodic representation is not made on
discrete fixed phonetic targets but on global melodic
contours of a large set of units of various sizes and
linguistic types (from the syllable to the utterance).
(iii) Dialogal speech can be robustly processed even
in overlapping contexts. (iv) The time component of
pitch contours is considered as more trustworthy
than its frequency component thanks to the
systematic manual verification of the segmentation
before the processing of the data. In comparison to
other models of intonation, which consist in
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adjusting time (detection of boundaries) and
frequency domain representation (estimation of key
and range of register) simultaneously, the proposed
approach focuses on frequency modelling.
In this paper, we have presented an extension of the
original SLAM model: the SLAM+ methodology
that was developed in order to provide the linguistic
community with a complete data-driven package of
automatic prosodic annotation. By taking register
flexibility into account, this package, available
online, can be used for different linguistic purposes,
both typological (system-based approach) and
pragmatic (usage-based approach); and, thanks to
the new cleaning module, it can process any type of
speech recording, from excellent to very poor. As
part of our studies of the prosodic marking of
informational structure, the performances of SLAM+
will be illustrated at ICPhS 2019 with the prosodic
processing of topical units in the NaijaSynCor
corpus [6].
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ABSTRACT
This study analyses nuclear falling intonation in
Luxembourgish both phonetically and phonologically
and investigates its function(s). Data from scripted
and non-scripted tasks show that Luxembourgish
speakers use two different falling contours: one with
a downstepped high tone in the nuclear syllable and a
following fall (mid-falling) and one with a high tone
and a following fall (high-falling). Both patterns
appear in final as well as in interrogative phrases,
showing the same phonological structure. In final
phrases the two patterns are used with a slightly
different meaning and in interrogatives, the midfalling contour appears in yes/no-questions while the
high-falling contour is used in wh-questions. Apart
from their obviously different communicative
functions, each contour differs phonetically when
used in one or the other function.
Keywords: Luxembourgish, falling
finality, marked interrogativity

intonation,

1. INTRODUCTION
Luxembourgish is a young Germanic language,
spoken by ca. 266,000 people as their main language
[3]. Due to its young age, many linguistic fields still
need to be explored in depth. As prosody and
especially intonation are usually the last fields in
linguistic research, the low number of studies for
Luxembourgish [6, 12] is unsurprising.
In the tradition of these studies and their
perception of intonation as organizing speech (cf. also
[5]), the three major functional concepts, namely
‘final’, ‘continuation’ and ‘question’ form the basis
of this study in order to express the relation between
form and function.
Independent of its function, this paper assumes a
falling contour in Luxembourgish as this is, in a very
crude classification, one of the two movements that
can often be found in textbooks. If a learner of a new
language encounters information about pitch
movements, it is usually ‘falling’ in order to signal
completion or ‘rising’ in order to signal incompletion.
In a very simplistic way, this shows a general
inventory of pitch movements. As [12] demonstrates,
high final boundary tones do not seem to be part of
the Luxembourgish inventory, which means that
simple rising movements do not exist in
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Luxembourgish and are thus not considered in this
study. The term ‘falling’ refers here to the nuclear
structure of an intonation phrase, i.e. including the
last accented syllable of a phrase towards the end of
the latter. Within the autosegmental-metrical
framework (applied in this study) the focus often lies
on this part of a phrase for a formal and functional
analysis as it plays a crucial role (crosslinguistically)
in the distinction of statements and questions [14].
The first aim of this study therefore is the formal
description of the nuclear falling contour(s) supported
by a phonetic analysis, which allows a comparison of
similar and different patterns.
The second goal is the identification of the
different functions of nuclear falling intonation in
Luxembourgish. The older literature states that the
majority of languages use a falling intonation to
realize final phrases [1]. While there are many
languages for which this is not true (e.g. Hungarian,
cf. [11]), in which final phrases, i.e. declaratives, are
represented by a rising intonation, the association of
falls and finality is widespread. As different functions
can be associated with falling intonation, Cruttenden
[2] suggests the cover label closed for its different
local meanings, specifying that the actual shape and
placement of the tones is specific to a language or
situation. Even though this concept is quite diverse
and may not be suitable to cover all functional aspects
of falling intonation, the term closed is helpful in this
particular case as it can not only be used for falling
intonation in finals but also in interrogative phrases.
Many languages and varieties use a falling pattern in
finals as well as in questions e.g. German [17, 14] and
some of its varieties [10], several English varieties [7]
or Italian [15], and even share the same contour with
final phrases. This is the case in German where the
same pattern is used in final phrases and in whquestions. Yes/no-questions, however, only show a
nuclear fall (in German) when the speaker expects his
conversation partner to keep the answer short [14]
and thus marks a closedness towards the answer. In
an extreme case, the expectation towards the answer
(cf. [10]) can be reduced to a ‘yes’ (cf. confirmationseeking questions [1], yes-bias [13]). This shows that
falling intonation can appear in different functions,
such as finals and questions.
The questions addressed in this paper therefore are
in which way(s) intonation falls within the nuclear
structure in Luxembourgish and when falling patterns

are used, e.g. in finals and/or questions.
2. METHOD
2.1. Material

The data were gathered for a study (cf. [12]) aiming
at a more extensive picture of Luxembourgish
intonation, which explains the methodological
approach. Speakers were recorded in three different
settings. In the first, each participant spoke freely
with the author in an interview-like dialogue about
the language situation in Luxembourg, planned
holidays and other everyday topics in order to elicit
continuation and final intonation (dialogue-setting).
In the second, two speakers played a board game
(Scotland Yard) together with the investigator in
order to yield question intonation in a freely spoken
situation (game-setting). In the third setting, the
participants were confronted with very short stories
that served as a context in which a target sentence in
direct speech was embedded. The purpose of this
scripted part of the study was to obtain comparable
data of the exact same situation with the same amount
of syllables and without any hesitations, regulatory or
fragmentary phrases. The context was carefully
chosen in order to create unambiguous, everyday
situations, as speaker attitude can influence intonation
(e.g. a person wants to cook but cannot find the
pineapple in the store and thus asks for it). To avoid a
reading intonation the target sentences were then
presented in direct speech (Hutt Dir Ananas? ‘Do you
have pineapples?’). The disadvantage, of course, is
that it is not the same as a spontaneously uttered
sentence, hence the combination of the three settings.
The data were selected as follows: intonation
phrases were determined, classified on the basis of
speech organizing criteria and assigned respectively
to the earlier mentioned conversational concepts of
finality and continuation (following [5]) as well as
interrogation, limited to wh- and yes/no-questions
(for more detail cf. [12]). After that, the contours were
selected both on a perceptual and on a visual basis.
2.2. Speakers

Twelve Native speakers of Luxembourgish (six
female, six male) of two age groups (22-29 years,
average: 25.5; 59-69 years, average: 64.6) born and
raised in the central region of Luxembourg provided
the data. They had never lived abroad and indicated
Luxembourgish as their only mother tongue.

of the pattern as well as a comparison between
phonologically identical contours. These are the pitch
span of the nuclear structure (spannuk) and the pitch
minimum within the nuclear structure (pitchmin) on a
vertical level as well as the peak position within the
nuclear syllable (peakpos) on a horizontal level. Both
spannuk and pitchmin are measured in semitones (st)
and then put in relation to the average speaker’s span
in order to normalize the data and obtain percentage
values. The peak position is measured within the
rhyme of the nuclear syllable, put in relation to its
length and expressed in percent (cf. Table 2 in the
result section). Thus, a peak position at the beginning
of the syllable is represented by a low percentage
value and a peak position towards the end of the
syllable by a high value. All measurements were
made with PRAAT. Fig. 1 shows the three parameters
in a hypothetical falling contour, the nuclear syllable
marked in grey.
Figure 1: Phonetic parameters in a hypothetical
falling contour (nuclear syllable in grey)

Only intonation phrases with at least two syllables
following the nuclear syllable were taken into
account, in order to avoid truncated or compressed
contours.
3. RESULTS
The data reveals two distinct falling patterns. One
shows a high fall, starting early in the nuclear syllable
and continuing thereafter (henceforth ‘high-falling’).
Moreover, a rise towards the nuclear syllable can be
observed. The other also consists of a fall on the
nuclear syllable that continues towards the end of the
phrase but without a supplementary rise towards the
nuclear syllable; therefore called here ‘mid-falling’
(cf. Fig. 2).
Figure 2: Schematic pattern of the nuclear falling
contours in Luxembourgish (nuclear syllable in
grey)

high-falling

mid-falling

2.3. Phonetic parameters

Three parameters provide phonetic information about
the contour, which allows for a concrete description
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Speakers use the two contours in final phrases as well
as in interrogative phrases. The experiment produced
a total of 94 high-falling and 121 mid-falling contours

in final phrases as well as 14 high-falling and 14 midfalling contours in questions suitable for this analysis.
More questions with only one syllable following the
nuclear syllable support the findings presented here.
3.1. Possible functions of falling contours

This section is a first attempt to interpret the function
of the nuclear contours based on their conversational
context. Both contours mark finality as they appear in
syntactically and pragmatically final phrases (in the
non-scripted dialogue-setting). While the high-falling
contour seems to demand a back-channelling signal
in this setting, the mid-falling contour is the more
‘neutral’ (and slightly more frequent form, n=116 vs.
n=84) as no reaction, such as confirmation from the
conversation partner seems to be necessary (critical
remarks on the notion of a neutral form e.g. in [16]).
Fig. 3 shows two examples taken out of the corpus.
Figure 3: Examples of high-falling (a) and midfalling (b) contours in final phrases taken out of the
corpus from different speakers

The same two contours are used in questioning
phrases (elicited in the game-setting). While the highfalling contour appears in yes/no-questions, the midfalling contour shows up in wh-questions (cf.
Table 1). In both question types, the speaker restricts
the length and/or amount of detail in the answer (such
as a confirmation of what the speaker says) by using
those falling patterns (noted with ‘closed’, that is,
with restricted answering potential).
Table 1: Functions of the two falling contours
final
high-falling
Non-scripted
back-channel
(n=84)

scripted
statingthe-obv.

interrogative
midfalling

highfalling

midfalling

‘neutral’

closed
yes/noquestion

closed
whquestion

(n=14)

(n=14)

(n=121)

(n=10)

Note that in the game setting, closed wh-questions
(mid-falling) are much rarer than the closed yes/noquestions (high-falling). The latter even represent the
most frequent group within the interrogative function
in this setting, most likely because a cooperation and
therefore also a checking up with the other participant
is mandatory. In the scripted data, the mid-falling
contour is used mostly in wh-questions, requiring a
restricted answer. This is probably due to the fact that
in the scripted setting, no real dialogue partner is
present and the necessity to ask an open question is
less frequent than in the game setting.
3.2. Acoustic results of the falling contours

Speakers also used both contours in the scripted
speech in the exact same declarative sentence within
the same context. The target sentence was the last
sentence in the context, which makes it unlikely that
they intended to evoke a back-channelling signal with
the high-falling contour. Possibly the contexts either
triggered some kind of storyteller or a stating-theobvious intonation (cf. Table 1 for an overview of the
different functions). One situation for example
describes a visit in the zoo and a grandchild pointing
to a monkey and asking what it is doing. The
following target sentence from the grand-mother is
Hien ësst eng Ananas.‘He is eating a pineapple.’
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Acoustic measurements confirm the schematic
contours displayed in Fig. 2 in the sense that they
show an early peak and a low pitch at the end of the
phrase. The difference in the height of the nuclear
tone can be confirmed, too: the two contours mainly
differ by the parameter spannuk, which is larger for the
high-falling contour. Together with the similar values
for pitchmin in both contours, it indicates a higher
pitch maximum in the nuclear syllable.
This holds true for the general comparison of the
high-falling and the mid-falling contours. The
comparison of the same contour used in a different
function, however, shows phonetic differences.
Table 2: Results of the phonetic parameters spannuk,
pitchmin (both relative to each speaker’s average
span) and peakpos (relative to the nuclear syllable’s
rhyme) describing the patterns

spannuk
pitchmin
peakpos

high-falling
final
interrog.
94%
103%
-9%
3%
20%
18%

mid-falling
final
interrog.
58%
85%
-7%
-3%
11%
25%

Table 2 shows the data of the phonetic parameters for
both contours in the two conversational functions
(final and interrogative). Negative values originate
from pitchmin values below the average speaker’s
base line and values over a hundred from values
above the average speaker’s top line.
The high-falling contour uses more or less the
entire average speaker’s span to perform the fall in
the nuclear structure, i.e. a bit less in finals (94%) and
a bit more in interrogatives. For the latter a tendency
to reach higher pitch minimum values (pitchmin) and
thus higher pitch maximum values can be observed.
As for the peak position, it is sufficient to operate
with a classification of ‘early’, ‘mid’ and ‘late’, i.e.
with all the values of peakpos appearing in the first
third of the syllable, the contours present early peaks.
The most striking difference appears in midfalling phrases for spannuk, i.e. 58% of the speaker’s
span in finals and 85% of the speaker’s span in
interrogative phrases, showing how much stronger
the pitch movement in questions is. As both end
slightly below the baseline of the speaker’s span (-7%
for finals and -3% for interrogatives), the pitch
maximum in the interrogative phrases is much higher.
Comparing the spannuk for finals and
interrogatives in the high-falling (94% and 103%) and
the mid-falling pattern (58% and 85% ) respectively,
a more important difference for the mid-falling
contour appears and thus a clearer distinction of the
functions.
4. DISCUSSION
The results show that the two falling contours in
Luxembourgish appear in final phrases, just like in a
multitude of other languages. They differ
phonetically by the larger pitch span used in the highfalling contour and, as the similar, very low values of
the pitch minimum demonstrate, the differences lie in
the pitch maximum within the nucleus. This suggests
a high target tone for the high-falling contour and a
lower target tone, probably a downstepped high tone,
for the mid-falling contour. The latter assumption
derives from the high pitch level leading towards the
nuclear syllable. In both contours, the fall starts
within the nuclear syllable and is perceptually
prominent. Although not further explored, both
contours seem to have an ‘elbow’ in the nuclear
structure, from which the pitch level runs low towards
the end of the phrase. Even though the position of the
latter is not yet explored, these observations lead to a
first attempt to transcribe the contours within the AMframework: H*+L L% for the high-falling contour
and !H*+L L% for the mid-falling contour. This still
needs to be verified by further research.
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Regarding the different use of the two contours
within final phrases, this would mean that the choice
of the tonal target in the nuclear syllable is decisive in
the nuance of finality in Luxembourgish: the H-tone
in H*+L requires a speaker’s reaction such as backchannelling/confirmation and/or is used to state the
obvious while the !H-tone in !H*+L is not. Still, other
parameters might play a role in the distinction.
The falling contours both also appear in
interrogative phrases. As in both question types a
closedness towards the possible answer could be
observed (as it is described in German yes/noquestions [13]), it is possible that the falling
movement carries this meaning at the conversational
level. This assumption is supported by the findings
from [12], stating that open questions are realized
with a rising movement on the nuclear syllable.
The same phonetic difference between the two
contours noted for the final phrases can be observed
for the interrogative phrases, which leads to the
conclusion that the same tone sequence is used. In this
case the choice of the tonal target (H*+L vs. !H*+L)
would make the difference between a closed
wh-question and a closed yes/no-question. Of course,
these considerations only refer to the nuclear structure
and leave out any activity in the pre-nuclear structure
or on other levels such as syntax, which provides the
hearer right from the beginning with the notion of
question (with the wh-word or the subject-verbinversion in yes/no-questions).
The phonetic measurements also show how the
same contour is realised differently in distinct
functions, i.e. questions use a higher pitch than final
phrases. This is true at an overall level, which means
that both question types reach higher up and fall
towards a slightly higher pitch at the end of the phrase
than the contours used in finals. Especially in the midfalling contour in wh-questions, the nuclear span is
bigger than in the same pattern in final phrases. This
is in line with observations e.g. by [13] for German
and [8] for Dutch that share the same contour in final
phrases and wh-questions or in Akan, a non-related
language, that shares the same contour in yes/noquestions and statements [4]. Concerning this, Hirst
and di Cristo [9] claim that a higher pitch is a
universal feature of questions.
The results thus show that form and function
interact: when the formally identical contour appears
in distinct functions such as ‘final’ and
‘interrogative’, there must be a difference on the
phonetic level, which could be confirmed in this
study.
To sum up, this study presented two nuclear
falling contours in Luxembourgish and described
their form and functions.
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ABSTRACT
The current study investigates the phonological
factors that determine the location of word stress in
Papuan Malay, an under-researched language
spoken in East-Indonesia. The prosody of this
language is poorly understood, in particular the use
of word stress. The approach taken here is novel in
that random forest analysis was used to assess which
factors are most predictive for the location of stress
in a Papuan Malay word. The random forest analysis
was carried out with a set of 17 potential word stress
predictors on a corpus of 1040 phonetically
transcribed words. A complementary analysis of
word stress distributions was done in order to derive
a set of phonological criteria. Results show that with
two phonological criteria the stress location for
almost all words in the corpus could be explained.
Keywords: word stress, Papuan Malay, prosody,
phonology, random forest.
1. INTRODUCTION
Little is known about the prosody of Papuan Malay
and recent research has only begun to investigate
this language empirically. An elaborate grammar as
the result of years of fieldwork is to date the most
comprehensive description [11]. Many languages in
Indonesia are only described in grammars and often
subject to impressions of (Western) authors.
Therefore, more empirical research is needed to
advance our understanding of the variation in
Indonesian languages and beyond. As for Papuan
Malay, its prosody is not yet fully understood. For
example, prosodic prominence is reported as
irrelevant concept at the phrase level [19], although
there are clear acoustic differences supporting the
difference between stressed and unstressed syllables
([9],[10]). A novel statistical approach is reported
here to reveal the extent to which phonological
factors play a role in word stress placement.
Word stress in Papuan Malay occurs mostly on
the penultimate syllable, except when this syllable
contains /ε/ [11]. For example, in /tε.'kan/ (‘to
press’) stress moves to /kan/ because /ε/ could
reduce to schwa, which cannot be stressed. Thus, in
/'tu.kan/ (‘craftsman’) stress occurs on the default
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penultimate syllable. This distribution makes Papuan
Malay similar to other Trade Malay varieties [16]
where stress has been reported to be mostly
penultimate; e.g. Manado [25], Kupang [23],
Larantuka [12] and the North Moluccan varieties
Tidore [30] and Ternate [14]. Similarly, varieties of
Indonesian have been analysed as having
penultimate stress. Work on Indonesian has shown
the importance of distinguishing language varieties.
Where Toba Batak listeners rated manipulated stress
cues as less acceptable when these did not occur on
the penultimate syllable, Javanese listeners had no
preference whatsoever [4].
As for the Trade Malay varieties, Ambonese
appeared to not make use of word stress [15],
counter to earlier claims [29]. That is, in an acoustic
analysis and a re-analysis of the vowel inventory,
allegedly minimal stress pairs turned out to be rather
segmentally different. Recent work on Papuan
Malay, however, found consistent acoustic support
for the word stress claims in duration, formant
displacement and spectral tilt ([9],[10]). Substantial
differences between the Trade Malay varieties are
likely, given that they are spoken in areas far apart
from each other. Thus, since the contact with Malay
in periods of trading, the different varieties
underwent their own developments. Papuan Malay
in particular can be considered a relatively young
Trade Malay variety, which originated from
Ambonese Malay possibly around the fifteenth
century. Papuan Malay mainly started spreading to
larger areas in (West-)Papua during the colonial
period in the second half of the 18th century [11].
Although there is acoustic evidence for regular
penultimate stress in Papuan Malay ([9],[10]), more
research is needed on the phonological nature of
word stress. In particular, the exact role of /ε/ in
stress distributions is unclear. As noted in [11], /ε/
“does not condition ultimate stress”. Among the
words which have /ε/ in the penultimate syllable
more than a third has penultimate stress.
Nevertheless, in almost all words with ultimate
stress (~10% of the Papuan Malay words in [11]), /ε/
appears in the penultimate syllable. Therefore, the
current study explores whether there are more
factors that affect the mobility of stress in Papuan
Malay. By analysing phonological properties of
syllables, the role of word stress in the prosody of

Papuan Malay can be better understood. This
investigation is carried out using a random forest
analysis and a distribution analysis.
Random forest analysis is a classification method
based on the construction of a large number of
decision trees [3]. In order to assess which variable
splits (classifies) the data best, trees are constructed
on the basis of random data- and variable-subsets.
Random forests are particularly useful to determine
the predictive value of a large set of variables and a
small number of observations. Compared to other
statistical methods, random forests are better able to
account for overfitting and collinearity between
predictors. Random forest analyses have only
recently been introduced into the field of linguistics
[28], and phonetics and phonology (e.g. [5], [1], [6],
[2]). The method is promising as notions such as
prominence, stress or phonological weight tend to
correlate with a large number of acoustic and/or
linguistic variables. Random forests could help to
reveal underlying mechanisms of linguistic
structure, by providing powerful generalizations
based on a relatively small set of data from the field.
The predictive value of a certain variable in a
random forest is expressed by means of variable
importance. The absolute variable importance values
are irrelevant, as they are randomly generated (hence
random forest). Therefore, the interpretation of
variable importance generally relies on the relative
differences between the respective values [22].
A random forest analysis is carried out in the
current study to investigate which factors determine
the mobility of word stress in Papuan Malay. The
following sections report how this analysis was
carried out (section 2), which phonological criteria
could be derived (section 3) and how the results can
be interpreted (section 4).
2. METHODS
In addition to the random forest analysis a
distribution analysis of word stress location was
done. Both were performed on a corpus of Papuan
Malay words. The distribution analysis allows to
assess how well the most predictive factors divide
the corpus into penultimate and ultimate stress.
2.1. Corpus

The corpus in [11] provided phonetic transcriptions
of spoken Papuan Malay words, including
indications of word stress, word class and English
gloss. No frequency data was available for the words
in the corpus. For the purposes of this study, only
words classified as Papuan Malay roots were
selected (Appendix A.1, [11]), excluding the large
number of loanwords in this language. In this way,
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potential influences from stress patterns originating
from other languages were avoided. Furthermore,
the corpus consisted of two-syllable words only to
obtain a homogeneous set (words with one syllable
(N = 46) or more than two syllables (N = 73) were
relatively infrequent). Thus, the representativeness
of the corpus was compromised to a minimal extent.
An overview of the number of words per word class
is given in Table 1. Note that words which translate
to adjectives in English are expressed by stative
verbs in Papuan Malay. For example, /bε.'sar/ (‘big’
- litt. ‘be big’) is labelled as verb in the corpus.
Table 1: Distribution of word classes in the corpus
Word class
V(erb) other
V bi(valent)
V mono stative

Count
7
341
205

Word class
Adverb
Noun
Function (all)

Count
32
355
49

V mono dynamic

51

Total:

1040

2.2. Predictors

Of interest to the current analysis are phonological
factors that make a syllable likely to be stressed.
From the literature /ε/ is known to be realized as
schwa in Trade Malay varieties [16]. As for its
phonology, schwa has lower sonority compared to
most other vowels. Indeed, analyzing syllables in
terms of their sonority levels can explain stress
placement crosslinguistically (e.g. [17]). Also
syllable structure can affect the sonority of a
syllable. Although vowel nuclei are often most
determining, in some languages the onset or coda of
the syllable affect its sonority (e.g. [8]).
Therefore, in the current study a set of predictors
was chosen (in italic) that potentially affect syllable
sonority. These included the syllable structure in
terms of consonantal and vowel segments, from
which the openness of the syllable and the actual
segments in the onset, nucleus or coda were derived.
Papuan Malay has five vowels (/a/, /ε/, /ɔ/, /i/ and
/u/) and 17 consonants (stops: /p/, /b/, /t/, /d/, /k/, /g/;
affricates: /tʃ/, /dʒ/; nasals: /m/, /n/, /ŋ/; fricatives:
/s/, /h/; rhotic: /r/; approximants: /l/, /j/, /w/). The
predictor manner of articulation was derived from
the actual segments, with plosives at the low end and
open vowels on the high end of the sonority scale.
Furthermore, word class was included which in
some languages correlates with word stress
placement (e.g. in English: “permit” (noun) and “to
permit” (verb) form a minimal stress pair).
2.3. Statistical analysis

The analysis was done in R [18] using the package
“ranger” [31], which offers a computationally less

intensive way to perform random forests compared
to packages such as “party” [26] or “randomForest”
[13]. The response variable in the random forest was
stress location (2 levels: penultimate, ultimate). The
predictors were syllable structure (6 levels: CCV,
CCVC, CV, CVC, V, VC), onset (18 levels: /b/, /tʃ/,
/d/, /g/, /h/, /dʒ/, /k/, /l/, /m/, /n/, /ŋ/, /p/, /r/, /s/, /t/,
/w/, /j/, no onset), nucleus (5 levels: /a/, /ε/, /i/, /ɔ/,
/u/), coda (12 levels: /j/, /k/, /l/, /m/, /n/, /ŋ/, /p/, /r/,
/s/, /t/, /w/, no coda), openness (2 levels: open,
closed), manner of articulation in onset/coda (6
levels: plosive, fricative, nasal, rhotic, approximant,
no onset/coda), manner of articulation in nucleus (3
levels: open, mid, close) and word class (7 levels:
see Table 1). In addition, a control-predictor gloss
(the English translation of each word) was added.
Gloss is not expected to be of any predictive value
and therefore should have a low variable
importance. Except for word class and gloss all
predictors were included for both the first and
second syllable in the word (total: 18 predictors).
The number of trees in the analysis was increased
in steps of 1000, starting from 1000 trees. The
variable importance of the factors reached a stable
ranking around 5000 trees. To obtain a robust result,
the final number of trees was set to 10000 [22]. The
number of randomly preselected predictors was set
to the square root of the total number of predictors in
the analysis (√18), following the method in [27].
The distribution analysis (Table 2) consisted of
counts; 1 for each word with penultimate stress and
counting 0 for each word with ultimate stress. The
ratio of penultimate/ultimate stresses was then
calculated by taking the average of all counts. The
two analyses combined appeared particularly helpful
to interpret the variable importance values, as their
absolute values are not indicative (section 1).
3. RESULTS
Two factors stand out as predictors for the location
of stress in Papuan Malay (Figure 1): the nucleus in
the first syllable (nucleus_1) and the manner of
articulation of the nucleus in the first syllable
(nucleus_MAN_1). Other predictors showed
considerably lower variable importance values,
although the manner of articulation of the nucleus in
the second syllable (nucleus_MAN_2) as well as the
nucleus of the second syllable (nucleus_2) appeared
more predictive than the lowest ranked ones. Given
the hypothesized irrelevance of control predictor
gloss (ranked 12/18), predictors with similar or
lower ranking have little to no predictive value.
Indeed, from the fifth ranked predictor (w_class)
onwards the variable importance values hardly vary
(and yield 0) compared to higher ranked ones.
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Figure 1: Variable importance plot with the
predictors (1 for first syllable, 2 for second
syllable) ranked from high (top) to low (bottom).
Table 2: Penultimate/ultimate stress ratio for the
four most predictive factors in the random forest
analysis (n = nucleus, MAN = manner of
articulation, 1 = first syllable, 2 = second syllable).
n

MAN

n_1

n_MAN_1

n_MAN_2

n_2

/a/

open

1.00

1.00

.86

.86

/ε/
/ɔ/

mid

.37
1.00

.57

.95

.94
.95

.99

.92

/i/
/u/

close

.99
.99

.93
.90

The predictor nucleus in the first syllable showed the
lowest ratio of penultimate stresses for /ε/ (Table 2).
All other vowel nuclei in the first syllable were
mostly stressed. Manner of articulation of the
nucleus in the first syllable showed the lowest ratio
for mid vowels. This was a reflection of the effect of
/ε/, as stress was always penultimate when /ɔ/ was
the nucleus of the first syllable. Note however, that
/ɔ/ occurs in only 11% of the words in the corpus
[11]. Thus, the variable importance of manner of
articulation was mainly a reflection of the effect of
/ε/ rather than /ɔ/. As for the ratios of manner of
articulation of the nucleus in the second syllable, the
lowest ratio of penultimate stress cases was obtained
for open vowels. The highest ratio obtained for mid
vowels indicates that stress was mostly penultimate
when the nucleus of the second syllable was a midvowel. Note that /a/ is the only open vowel in
Papuan Malay, explaining why nucleus_MAN_2
and nucleus_2 had similar effects (Figure 1).
To phonologically explain the ultimate stress
cases, three criteria were formulated (Table 3). First,
ultimate stress is mainly found when /ε/ occurred in
the first syllable, confirming [11]. The three
exceptions to this criterion are /ki.'tɔŋ/ (1 pl.),
/ku.'mur/ (‘rinse mouth’) and /kus.'kus/ (‘cuscus’),

see also [11] (p. 96). Note that /ki.'tɔŋ/ is short for
/ki.'tɔ.raŋ/ ([1], p. 326), which has penultimate stress
(from /'ki.ta/ and /'ɔ.raŋ/, litt. ‘us humans’). Reevaluation of /kus.'kus/ showed that it could be
analysed as Malay loanword [20], indicating that its
inclusion in the corpus might not have been justified.
Table 3: Word counts after applying criterion that
decreased the penultimate stress ratio / increased
the ultimate stress ratio (Table 2). Exceptions =
ultimate stress cases not following the criterion.
Criterion

Penult

Ult

Exceptions

Total

932

108

-

n_1 = /ε/

61

105

/ki.'tɔŋ/
/ku.'mur/
/kus.'kus/

n_MAN_2 ≠ mid

25

100

/tʃε.'rεj/
/sε.'rεj/
/dʒε.'lεk/
/dʒεm.'pɔl/
/sε.'dɔt/

n_2 = /a/

16

65

…

Second, 61 words had /ε/ in the first syllable and
penultimate stress. From these words, 36 had a midvowel (/ε/ or /ɔ/) in the second syllable. Five
exceptions to this criterion had ultimate stress, with
/ε/ in the first syllable and a mid-vowel in the second
syllable;
/tʃε.'rεj/
(‘to
divorce’),
/sε.'rεj/
(‘lemongrass’), /dʒε.'lεk/ (‘be bad’), /dʒεm.'pɔl/
(‘thumb’), /sε.'dɔt/ (‘to suck’). Note that [εj] in
/tʃε.'rεj/ and /sε.'rεj/ is analysed as realisation of
underlying /aj/ due to the liquid in the onset of the
second syllable ([11], p.84). With /ε/ in the first
syllable, underlying /a/ could make the second the
preferred syllable for stress. The status as native root
of /dʒεm.'pɔl/ and /sε.'dɔt/ is doubtful, given their
report as Javanese/Sundanese loanwords ([7],[24]).
Third, the presence of an open vowel (/a/) in the
second syllable increases the likelihood of ultimate
stress. However, from the words with /ε/ in the first
syllable and /a/ in the second syllable, 65 had
ultimate stress. Given that there were 108 ultimate
stress cases in total (Table 3), the open vowel in the
second syllable did not predict stress placement as
strongly as the first two criteria. In other words, the
open vowel in the second syllable was of minor
importance and could only explain a small additional
number of stress cases after the main criteria were
applied. This result is reflected in the large variable
importance difference between the first two
predictors and the lower ranked ones (Figure 1).
4. DISCUSSION
The results are best summarized by assuming that
the default position of word stress in Papuan Malay
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is the penultimate syllable. When the penult contains
/ε/, stress shifts to the ultimate syllable only when
the ultimate does not contain a mid-vowel. This
result indicates that /ε/, and in the ultimate syllable
also /ɔ/, generally reject stress, although 25 words
had stress on a penultimate syllable that contained
/ε/. Furthermore, /a/ attracted stress to a limited
extent, although it did not predict a stress shift.
The results are in line with the literature on Trade
Malay with respect to the role of /ε/ (schwa) in stress
placement ([11],[16]). Furthermore, the role of /a/ as
stress attractor is compatible with phonological
accounts that distinguish open and close vowels as
more and less sonorous respectively [21]. Note,
however, that the infrequently stressed mid-vowels
in Papuan Malay cannot be explained on the basis of
openness as main correlate of vowel sonority. The
results rather support a minimal and universally
adopted version of the sonority hierarchy [17].
This study has shown that random forests provide
an insightful analysis of which phonological factors
play a role in stress placement. It is worth stressing
that without the complementary distribution analysis
(Table 2), the role of the predictors was difficult to
interpret. Moreover, the direction of the effect of the
most predictive factors in the random forest analysis
could be understood when interpreting the stress
ratios. The predictive power of the random forest
analysis is particularly clear from the relatively
small number of exceptions with ultimate stress (N =
8) after applying the first two criteria in Table 3. In
fact, the analysis revealed that three of these words
were loanwords, which should not have been
included in the corpus. For another three words
alternative explanations could be found, indicating
that their stress pattern was not necessarily counter
to the phonological criteria (section 3). As for the
exceptions with penultimate stress after applying the
first criteria (N = 25), we cannot provide alternative
explanations or additional criteria that explain why
stress did not move to the ultimate syllable in these
cases. Nevertheless, 25 of the 932 penultimate stress
cases and 8 of the 108 ultimate stress cases
constitute less than four percent of all words in the
corpus. Although additional phonological criteria
could theoretically be derived from the remaining
highest ranked predictors in the random forest
analysis, these have the risk of generating more
exceptions than explained cases (Table 3).
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Abstract
In citation form, syllables in Shanghai Chinese (SH)
contrast in rhyme duration: open syllables and those
closed with a nasal coda (in general, syllables with
‘smooth’ rhymes, henceforth SR syllables) are much
longer in rhyme duration than those closed with a glottal
coda (i.e. syllables with ‘checked’ rhymes, henceforth CR
syllables). The former pattern with contour tones and the
latter level tones. In connected speech, however, all
citation tones are substituted with short level ones due to
the tone sandhi process, and the duration of the SR
syllables is significantly reduced. This study reports on a
phonetic experiment to see whether the CR syllables are
also shortened in connected speech, and whether the
durational contrast between SR syllables and CR ones
holds in word-initial and word-final positions. The results
show that CR syllables are also significantly shortened in
connected speech and that the durational contrast holds
across contexts.
Key words: syllable structure; Shanghai Chinese; rhyme
duration; tone sandhi

In citation form, SR syllables are perceptually much
longer in duration than CR syllables. However, in
connected speech, SR syllables are significantly reduced
in duration compared with those in citation form, whereas
CR syllables remain perceptually unchanged in duration
[2][3]. Moreover, the contour tones that the SR syllables
carry in citation form are reduced to level ones in
connected speech. The result is that all syllables carry a
simple level tone in connected speech except for those at
the end of a sentence, where an intonational falling tone is
added optionally. Examples in (1) below are monosyllabic,
disyllabic,
tri-syllabic
and
quadri-syllabic
words/compounds in SH with the same initial syllable and
tone (i.e. /sɑ̃ŋ/ with T1). The citation tone and sandhi tone
are annotated in the upper right corner of each syllable
using Chao digits:
‘birth’
(1)
a. sɑ̃ŋ52
‘business’
b. sɑ̃ŋ52-5. ji52-21
‘businessman’
c. sɑ̃ŋ52-5. ji52-3. nin13-21
d. sɑ̃ŋ52-5. ji52-3. dɤ13-3. nɔ13-21 ‘business awareness’
The tone sandhi patterns in SH monosyllabic and
polysyllabic compounds are summarized as follows
(adapted from [18]):

1. Introduction

Table 2: Tone sandhi patterns in SH words and compounds:

SH is a member of the Wu dialect group in China, which
is mainly spoken in East China’s Shanghai municipality.
Although SH has many varieties, both in terms of
geographical location and history, these varieties share
two important phonological properties: (i) the durational
contrast between SR syllables and CR ones, which, in
citation form, pattern with long contour tones and short
level ones, respectively; (ii) the tone sandhi process in
which all tones in a tonal domain are deleted except for
the initial one, whose contour decides that of the whole
tonal domain (e.g. [18][19][20][21]). This research takes
New SH as the data source, because it is representative of
the current mainstream variety.
Based on the presence or absence of the onset, the
medial glide and the nature of the coda, SH syllable
structure can be divided into twelve types, illustrated in
Table 1 below:

The distinctive tone sandhi patterns in SH have given
rise to a heated debate on the underlying and surface form
of SH syllable structure, and their relation with syllabic
weight and tone.

Table 1: Syllable structure and tonal inventory in SH
(excluding nasal-only syllables):
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2. Literature review
Duanmu [9] presents a detailed formal analysis on SH
syllable structure, syllabic weight and tone, and proposes
that: (i) all syllables in SH are CV syllables underlyingly.
The nasal coda and the glottal coda are just diacritics on
the nuclear vowel. That is, CVN syllables and CVʔ
syllables are in fact CVN and CVʔ syllables underlyingly;
(ii) all syllables are light in SH underlyingly; (iii) the
position where the syllable is in a prosodic word
determines its weight on the surface form. Specifically,
syllables in the word-initial position are stressed and
heavy because of their ability to keep their base tones,
whereas those in the non-initial position(s) are unstressed
and light because of their inability to keep their base tones.
Thus, there is no weight distinction between SR and CR

syllables in the same word position (also refer to
[7][8][11][12]).
Duanmu [10] did a phonetic experiment to support the
proposal that all syllables in Mandarin-like languages are
heavy, whereas those in SH-like languages are light. The
study took syllable duration to be the phonetic correlate
for syllabic weight. However, the experiment did not
distinguish between SR syllables and CR ones, nor did it
distinguish between syllables in the word-initial position
and those in the non-initial position. Therefore, the results
failed to provide supportive evidence for the proposals in
Duanmu [9].
Zhu’s [22][24] phonetic experiment on SH citation
tones considered all the possible 25 combinations between
all the five citation tones in SH disyllabic words. The
mean duration of all the five citation tones in word-initial
and word-final positions of di-syllabic words, respectively,
are summarized in Table 3 below:
Table 3: Mean duration of the citation tones in SH disyllabic
words, adapted from [23]:

In Table 3, the bottom row shows the mean duration of
the five citation tones; the pre-final row shows duration in
word-initial position, and the right-most column shows
mean duration in word-final position. The table shows that
the checked tones (i.e. T4 and T5) are significantly shorter
in duration than the smooth tones (i.e. T1, T2 and T3) both
in citation form and in word-initial and word-final
positions. Specifically, the ratio of average duration
between smooth and checked tones in the citation form is
around 2.5:1; and those in the word-initial position and
word-final position are around 3:1 and 2:1, respectively.
Since tone duration parallels rhyme duration in Chinese
languages, Zhu’s results actually show that the durational
contrast between SR syllables and CR ones in SH exists in
both word-initial and word-final positions.
Different from both Duanmu and Zhu, Zhang&Meng
[21] found that in left-dominant tone sandhi in SH
disyllabic words, the rhyme duration of the initial syllable
is similar to that of the final syllable. Their experiment
took the average duration among syllables carrying all the
five citation tones in each of the word positions and did
not distinguish between SR and CR syllables. Therefore,
the results failed to provide sufficient evidence for the
durational difference between SR and CR syllables in SH.
The contradictory findings in Duanmu [9][10][11][12],
Zhu [22][23][24] and Zhang&Meng [21] motivate two
research questions: do CR syllables also reduce in rhyme
duration in connected speech? Does the durational contrast
between SR and CR syllables exist in different word
positions? We approach these two questions through a
phonetic experiment described in Section 3.
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3. The phonetic experiment
We constructed a dataset with six major syllable types in
SH, i.e. CV, CGV, CVN, CGVN, CVq, and CGVq. We
distinguished between the glides /j/ and /w/ to see whether
they influence rhyme duration in different ways. This
results in six SR syllable types, namely, CV, CjV, CwV,
CVN, CjVN and CwVN, and three CR syllable types,
namely, CVq, CjVq and CwVq, in the corpus. Each SR
syllable type patterns with three citation tones, and each
CR syllable type patterns with two citation tones (cf.
Table 1), so altogether there are 6×3+3×2=24 target
monosyllables in the corpus1.
In order to test the effect of word position on syllable
duration, we constructed two disyllabic words for each
monosyllable, with the target monosyllable in word-initial
position and word-final positions, respectively, resulting
in 24×2=48 disyllabic words in the corpus.
All the monosyllables and disyllabic words were set in
the carrier phrase: [ŋu kɒŋ gəʔ tsəʔ ______ pəʔ nuŋ
thiŋ] (I say this ______ to you.). In addition, the two
disyllabic words were further embedded in two non-carrier
sentences, which were constructed by the researcher with
the help of two experiment subjects. Thus, each target
monosyllable was produced in five sentences, resulting in
24×5=120 sentences in the corpus. The nuclear vowel was
held constant as /a/ because this vowel is subject to fewer
phonotactic and tonal constraints than other vowels in SH.
Eight native speakers of SH, four male and four female,
participated in the experiment. They were asked to read
the sentences at a normal speed and as naturally as
possible. The recordings were made with a DR-05 Tascam
linear PCM recorder in a quiet university classroom.
Altogether 960 tokens were collected and analyzed
acoustically in Praat (cf. [2]). Segmentation of the rhyme
was done straightforwardly by visual inspection of the
waveform and spectrogram, aided by listening. The first
three formants were used as further indicators of the
segmental boundary.
For CR syllables, only the voiced part of the rhyme was
measured, because previous researches, e.g. [2][3][4],
suggest that there is no regular and constant glottal pulsing
at the end of CR syllables in connected speech. Even in
the citation form, the glottal pulsing is only occasionally
detected. These findings were matched with ours in this
experiment. Therefore, the offset of CR syllables was
determined at the last regular vocal pulsing of the nuclear
vowel.
4. The experimental results
4.1 General comparison between SR and CR syllables
across contexts
Table 4 below presents the average rhyme duration (in ms)
of nine syllable types in five contexts, based on the raw
data elicited from the eight experiment subjects.

Table 4: Mean rhyme duration (in ms) of
nine syllable types in five contexts:

Note: phini=word-initial position in carrier phrase; phfin=word-final
position in carrier phrase; spini=word-initial position in non-carrier
sentences; spfin=word-final position in non-carrier sentences.

In order to assess the statistical significance of the
differences between SH syllable/rhyme types in different
contexts, a mixed-effects linear regression analysis was
run in R using the lme4 package [1]. Duration is the
dependent variable and normalized into Z-score. Syllable
structure and tone2 were set as the fixed effects. Subject
was set as the random effect. The data is divided into five
subsets according to the context. Figure 1 below is a
boxplot presentation of the comparison in rhyme duration
between the nine syllable types in SH across the five
positions surveyed in this experiment.

4.2 Contextual effects on rhyme duration for each
syllable type

1

2

3

Figure 1: comparison in rhyme duration between SH syllable types
(CV, CjV, CwV, CVN, CjVN, CwVN, CVq, CjVq and CwVq in order) in
citation form (i), word-initial (ii) and word-final (iii) positions in
carrier phrase, and word-initial (iv) and word-final (v) positions
in non-carrier sentences.

duration.
However, in word-initial and word-final positions in
both carrier phrase and non-carrier sentences, no such
structural effects on rhyme duration are observed.
Moreover, it is worth noting that in non-carrier sentences,
syllables that are structurally more complex have a longer
rhyme duration than CV syllables word-initially, but are
shorter word-finally. This observation might seem to
support Duanmu’s [9][11][12] proposal that syllables in
SH are stressed word-initially and unstressed word-finally.
However, a closer look at Table 4 reveals that CV
syllables are much longer word-initially than they are
word-finally in non-carrier sentences. Moreover, all CR
syllables are shorter word-initially than they are
word-finally, both in carrier phrase and non-carrier
sentences. These results provide negative evidence against
Duanmu’s [9][11][12] proposal.
Figure 1 shows that all CR syllables are significantly
shorter in rhyme duration than the SR syllables. The
difference is at the highest zero-level significance (p <
0.001). It can thus be concluded that duration contrast
between SR and CR syllables holds across contexts.
On the other hand, in each context, durational
differences between SR syllables (i.e. CV, CjV, CwV,
CVN, CjVN, and CwVN syllables) are not as significant
as those between SR and CR syllables, which is also true
with the differences between CR syllables (i.e. CVq, CjVq
and CwVq syllables).
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−1
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0
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Our second research question concerns the effect of
contextual effects on syllable duration in SH. In order to
tackle this question, we did a multiple comparison for
each syllable type in rhyme duration (normalized in
Z-score) between the five contexts examined in this
experiment, using the lsmeans package in R (cf. [17]).
Duration is the dependent variable. Context and tone were
set as the fixed effects, and subject was set as the random
effect. Relevant results are summarized in Table 5 below:

CV

CjV

CwV

CVN

CjVN

CwVN

CVq

CjVq

CwVq

CV

CjV

CwV

CVN

(i)

CjVN

CwVN

CVq

CjVq

CwVq

(ii)

CV

CjV

CwV

CVN

CjVN

CwVN

CVq

CjVq

CwVq

(iii)

−2

−2

−1

−1

0

0

1

1

2

Table 5: Multiple comparison between citation form, forms in
word-initial and word-final positions in carrier phrase and
in non-carrier sentences, respectively, for each syllable type:

CV

CjV

CwV

CVN

CjVN

(iv)

CwVN

CVq

CjVq

CwVq

CV

CjV

CwV

CVN

CjVN

CwVN

CVq

CjVq

CwVq

(v)

Table 4 shows that in citation form, SR syllables that
are structurally more complex are longer in rhyme
duration than structurally less complex ones. Specifically,
CjV, CwV and CVN syllables are longer in rhyme
duration than CV syllables, and CjVN and CwVN
syllables are the longest. This result indicates a possible
effect of the medial glide and the nasal coda on rhyme

2878

Note: cit = citation. (+) indicates longer in duration; (−) indicates shorter
in duration. ‘***’ for p < 0.001, ‘**’ for 0.001<p<0.01, ‘*’ for
0.01<p<0.05.

The part of Table 5 above the horizontal dash line
shows the difference in rhyme duration of each syllable
structure between citation form and forms in word-initial
and word-final positions in both carrier phrase and
non-carrier sentences. The table shows that: firstly, all SR
syllables, except for the CjV and CwV syllables in

word-initial position in carrier phrase, are significantly
longer in citation form than in either of the two word
positions in both carrier phrase and non-carrier sentences.
Secondly, among all CR syllables, CVq syllables are
most significantly shorter in rhyme duration both
word-initially and word-finally than those in citation form,
but CjVq and CwVq syllables are as significantly shorter
only in word-initial position. In word-final position in both
carrier phrase and non-carrier sentences, rhyme reduction
for CjVq and CwVq syllables is not as significant as that
in word-initial position. Moreover, the shortening of
rhyme duration for CjV and CwV syllables word-initially
in carrier phrase and that for CjVq and CwVq syllables
word-finally in non-carrier sentences are not significant at
all, indicating a possible effect of medial glide on rhyme
duration.
The part of Table 5 below the horizontal dash line is a
summary of the comparison in rhyme duration for each
syllable type between word-initial and word-final
positions in carrier phrase and non-carrier sentences,
respectively. It shows that SR syllables are more likely to
have a shorter rhyme duration word-finally than
word-initially in both carrier phrase and non-carrier
sentences. In contrast, CR syllables tend to be
significantly longer word-finally than word-initially in
both carrier phrase and non-carrier sentences. This result
confirms our findings in Section 4.1.
The interim summary for this section is that rhyme
duration in CR syllables are reduced in connected speech
as compared to that in citation form, but CjVq and CwVq
syllables are not as significantly reduced word-finally as
CVq syllables.
4.3 Effects of pre-nuclear glide and nasal coda on
rhyme duration
Both Section 4.1 and Section 4.2 showed that the medial
glide and the nasal coda may affect rhyme duration in SH.
In order to better understand the effects of the medial glide
and the nasal coda on rhyme duration, we ran the
mixed-effects linear regression analysis again using the
lme4 package in R on syllables differing only in medial
glide (Table 6 below), those differing only in the nasal
coda (Table 7 below), and those differing both in medial
glide and the nasal coda (Table 8 below), respectively:
Table 6: Multiple comparisons in rhyme duration between
syllables differing only in medial glide:

Table 8: Multiple comparisons in rhyme duration between
syllables differing in both medial glide and nasal coda:

The results summarized in Table 6 show that in
word-initial position, syllables with medial glide generally
have a longer rhyme duration than those without, whereas
in word-final position, no consistent difference is observed.
That is to say, the presence of the medial glide does not
necessarily increase the rhyme duration. This result is
expected if the medial glide is part of the rhyme.
In Table 7, syllables with the nasal coda are
significantly longer in citation form than those without. In
word-initial position in both carrier phrase and non-carrier
sentence, no consistent difference is observed. However, it
is interesting to note that in word-final position in carrier
phrase, syllables with the nasal coda are significantly
longer than those without, but in the same position in
non-carrier sentence, the former are consistently shorter.
These results indicate that: (i) the nasal coda is flexible in
phonetic realization in connected speech; (ii) factors that
affect the phonetic realization of segments in non-carrier
sentence can be different from those in carrier phrase.
Table 8 shows that the joint effect of medial glide and
nasal coda on rhyme duration is still inconsistent: they
tend to significantly increase the rhyme duration in all
contexts except word-finally in non-carrier sentences,
where both CjVN and CwVN syllables are shorter than
CV syllables in rhyme duration.
The interim summary for this section is that neither the
medial glide nor the nasal coda has a consistent effect on
rhyme duration. Their presence does not make further
qualitative distinctions in structure between SR syllables
in SH, which is also true with the CR syllables.
5. Conclusion
Based on the experiment results in Section 4, the
following conclusions about SH syllables are warranted: (i)
CR syllables are significantly reduced in rhyme duration
in connected speech as well; (ii) the durational contrast
between SR and CR syllables holds both word-initially
and word-finally in disyllabic words. These findings
support those in Zhu [22][23][24] on tone duration in SH.
Since rhyme duration is one of the most important
phonetic
correlates
for
syllabic
weight
(e.g.
[6][10][13][14][15][16]), we can also conclude that in SH,
SR syllables are heavy underlyingly and CR ones are light,
and that this weight contrast holds both word-initially and
word-finally in disyllables.
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Table 7: Multiple comparisons in rhyme duration between SR
syllables differing only in nasal coda:

2879

6. REFERENCES
[1]

[2]
[3]
[4]
[5]
[6]
[7]
[8]

[9]
[10]
[11]
[12]
[13]
[14]
[15]
[16]
[17]
[18]
[19]
[20]

[21]
[22]
[23]

[24]

Bates D, Mächler M, Bolker B, Walker S. 2015. “Fitting
Linear Mixed-Effects Models Using lme4.” Journal of
Statistical
Software,
67(1),
1–48.
doi:10.18637/jss.v067.i01.
Boersma, P., Weenink, D., 1992—2011. Praat: Doing
Phonetics
by
Computer.
Version
5.2.21,
http://www.praat.org
Chao, Y. 1928. Studies in the Modern Wu-Dialects.
Beijing: Qinghua College Research Institute.
Chao, Y. 1967. Contrasting aspect of the Wu Dialects. In
Linguistic Essays by Yuenren Chao. Pp:802-821. Beijing:
the Commercial Press.
Chen, Y. 2008. The acoustic realization of vowels of
Shanghai Chinese. Journal of Phonetics (36): 629-648.
Cohn, A. 2003. Phonological Structure and Phonetic
Duration: the Role of Mora. Working Paper of the Cornell
Phonetics Laboratory: 69-100.
Duanmu, S. 1990. A formal study of syllable, tone, stress
and domain in Chinese languages. PhD dissertation. MIT.
Duanmu, S. 1991. Stress and syntax-phonology
mismatches: tonal domains in Danyang and Shanghai.
Proceedings of the Tenth West Coast Conference on
Formal Linguistics. 127-137.
Duanmu, S. 1993. Rime length, stress, and association
domains. Journal of East Asian Linguistics (2): 1-44.
Duanmu, S. 1994. Syllable weight and syllable duration
[J]. Phonology (1): 1-24.
Duanmu, S. 1999. Metrical Structure and Tone: Evidence
from Mandarin and Shanghai. Journal of East Asian
Linguistics 8: 1-38.
Duanmu, S. 2008. Syllable Structure: the limits of
variation. New York: Oxford University Press.
Gordon, M. 2002. A Phonetically Driven Account of
Syllable Weight. Language (78): 51-80.
Gordon, M. 2004. Syllable weight. In Hayes, B., Kirchner,
R.&Steriade, D. (eds.) Phonetically based phonology:
277-312.
Gordon M. 2006. Syllable weight: phonetics, phonology,
typology[M]. Routledge.
Hyman, L. 1984. On the weightlessness of syllable onsets.
Annual Meeting of the Berkeley Linguistics Society (10).
1-14.
Lenth, R. 2016. Least-Squares Means: The R Package
lsmeans. Journal of Statistical Software (69): 1-33. URL:
https://www.jstatsoft.org/v069/i01.
Qian, N., Xu, B., Tang, Z. 2007. A Grand Dictionary on
Shanghai Chinese [Shanghaihua Dacidian]. Shanghai:
Shanghai Lexicography Publishing House.
Tang, Z. 2000. A Practical Coursebook in Shanghainese.
Shanghai: Shanghai Education Press.
You, R. (ed.) 2013. An Investigation and Research on the
Dialects in Shanghai Municipality [Shanghai Diqu
Fangyan Diaocha Yanjiu]. Shanghai: Fudan University
Press.
Zhang, J., Meng, Y. 2016. Structure Dependent Tone
Sandhi in Real and Nonce Disyllables in Shanghai Wu.
Journal of Phonetics (54): 169-201.
Zhu, X. 1995. Shanghai Tonetics. PhD dissertation.
Australian National University, Canberra.
Zhu, X. 1996. Two stress patterns of Shanghai compounds.
In P. McCormack and A. Russell (ed.) Proceedings of the
sixth Australian international conference in speech
science and technology. Canberra, Australia: Australian
Speech Science and Technology Association. 581-586.
Zhu, X. 1999. Shanghai Tonetics. München: LINCOM
EUROPA.

2880

1

We categorized the rhyme duration according to citation tones,
normalize the data into Z-score and ran a mixed-effects linear
regression analysis using the lme4 package in R. Rhyme duration
is the dependent variable. Citation tone was set as the fixed
effects. Subject was set as the random effect. The statistical
results and boxplot presentation show that although there are
statistically significant differences in rhyme duration between
syllables carrying the three smooth tones (i.e. T1, T2 and T3)
respectively, the differences are far less significant than that
between smooth tones and checked tones, which is also true with
syllables carrying the two checked tones (i.e. T4 and T5)
respectively. The results provide further evidence for the
hypothesis that rhyme duration in Chinese languages is closely
related with tone duration.
2
The ANOVA test shows that the model with syllable structure
and tone as the fixed effects has the smallest AIC value,
compared to a model with no effect for tone, one with tone as the
random effect, and one with the interaction of syllable structure
and tone as the fixed effects.

THE PENULTIMATE SYLLABLE VOWEL LENGTH
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ABSTRACT
This study examines the relative duration of the
penultimate syllable vowel (PSVL) in multisyllabic
Setswana words in the speech of 20 Batswana
(citizens) primary school children aged 6-7 years
growing up in Botswana. Setswana phonology
requires the lengthening of the vowel in the
penultimate syllable of multisyllabic words. The
participants are 10 privately educated Englishmedium early sequential Setswana-English bilingual
children, taught full-time in English (L2) from the age
of 3 years, for whom English has become dominant,
and 10 Setswana monolingual children. The aim is to
see whether the L2, which does not have the PSVL as
a phonological pattern, has had an effect on the L1 of
the bilinguals. The results show that the bilinguals do
not lengthen the penultimate syllable vowel; rather,
they lengthen the vowel of the final syllable. The
results support the notion that extensive exposure to
L2 can cause changes to the patterns of L1.
Keywords: bilingual phonology, penultimate
syllable lengthening, Setswana, English.
1. INTRODUCTION
Penultimate syllable prominence in Bantu languages,
often referred to as accent or stress, is mostly
manifested in the lengthening of the penultimate
syllable vowel (Hyman [9]) and may support lexical
retrieval (Cutler & Clifton [5]; Cole [4]). Even though
penultimate syllable vowel lengthening (PSVL) is
widespread in Bantu languages, it differs from one
language to another based on the utterance and the
role it plays in discourse [9]. Hyman [9] distinguishes
three different manifestations of PSVL in Bantu
languages based on the domain, namely utterance
penultimate, phrasal penultimate, and pre-pausal
moraic penultimate lengthening. Setswana, the main
language spoken in Botswana, falls under utterance
penultimate. According to Cole [4], in Setswana, the
full length of the penultimate syllable is achieved
when the word is pronounced in isolation or when the
word is in sentence final position; when the word is
in non-sentence final position it still maintains the
length and stress, but the penultimate lengthening is
not as prominent as at sentence final position.

2881

Hyman [9] argues that PSVL has a tonal effect in
most of the Bantu languages. The implication of this
is a correlation between PSVL and tone. In support,
Hyman [8, p.14] states “…many Bantu languages
have an H and L tone with a superimposed
penultimate accent. This accent may cause vowel
lengthening … or it may affect the penultimate
syllable.” This is not surprising as most Bantu
languages like Setswana are tone languages, i.e.,
those that use syllabic pitch to distinguish between
the meanings of words at both lexical and
grammatical level [1]. Example
1. Lexical level
a. Kae
b. Kae

/káɪ/
/kaɪ/́

‘where’
‘how many’

2. Grammatical level
a. O bua Setswana
/ʊ́búasetswána/
‘He/she speaks Setswana’
bua-speaks,
Setswanao-he/she,
setswana
b. O bua Setswana
/ʊbúasetswána/
‘You speak Setswana’
o-you, bua-speaks, Setswana-setswana
The word kae in example (1) is disyllabic, while the
sentence o bua Setswana in example (2) is made up
of six syllables. Syllabic pitch is used to distinguish
between the meaning of words in examples 1 and 2.
In example (1a), the high tone is drawn to the penult
vowel whereas in (1b) it is attracted to the final vowel
to distinguish between the meanings of these words.
Similarly, the pronoun ‘o’ which is the focal point in
distinguishing the meaning of the sentences, has
different levels of pitch with ‘o’ in 2a receiving the H
tone while in 2b is L tone. It is necessary to shift the
H to the final vowel to create homographs. This is
because to distinguish between the meanings of
words the H tone cannot be attracted to the same
vowel in both instances.
Even though penultimate syllable vowel
lengthening plays a prominent feature in the
phonology of Setswana, unlike other Bantu languages
such as Swahili, it does not indicate a distinction in
the lexical meaning of words.

whereas Spanish, which is less marked in terms of
vowels, was easier to acquire.

1.1 THE IMPORTANCE OF PSVL IN
SETSWANA
Since there is no difference in the meaning of words
with lengthened or without lengthened penultimate
syllable vowel, it is debatable that a change to the
penultimate syllable vowel length is likely to result in
misunderstanding in communication on the one hand.
On the other hand, misplacement of the syllable
length could result in changes to the tone necessary in
discriminating between meanings of words because
PSVL has an effect on the tone. Any changes to the
tone could result in a situation where homographs
such as in (1) above are pronounced in the same way,
and so the meanings of these words will not be
distinguishable. This could lead to communication
breakdown.
In addition, misplacement of the syllable length
could give rise to issues with lexical retrieval, as it is
a predictable element of the Setswana word. This
shows that PSVL is important in parsing language in
Setswana and any disruption to the expected patterns
may cause problems in this respect.
This argument is based on the finding that, like
other Bantu languages, stress in Setswana is
manifested in the lengthening of the penultimate
vowel [9]. Word stress is an integral part of the
phonological system of a language. Transferring of
lexical stress from the penultimate syllable vowel to
other vowels may affect the vowel quality and so
there is a possibility that word recognition would be
affected. This assumption is supported by Cutler and
Clifton [5] findings of English that words with wrong
stress placement were difficult to recognise, leading
to the conclusion that correct placement of word
stress is vital in word recognition.

1.3. The present study

This paper addresses the following research
questions:
1. What is the pattern of penultimate syllable
duration in Setswana multisyllabic words in
the speech of Setswana-English bilingual
children aged 6-7 years in comparison with
Setswana monolingual peers?
2. In
the
bilingual
Setswana-English
population, to what extent will the children in
Standard 1, aged 6 years, have a different
pattern of penultimate syllable duration in
Setswana in comparison with the children in
Standard 2, aged 7 years, who will have had
increased exposure to English, being older?
The following hypotheses were formulated:
1. The pattern of the penultimate syllable
duration in Setswana multisyllabic words in
the speech of Setswana-English bilingual
children aged 6-7 years will be different from
their monolingual peers with the bilinguals
not lengthening the penultimate syllable.
2. The bilingual children in Standard 2, aged 7
years, will lengthen the penultimate syllable
vowel in Setswana multisyllabic words less
on average in comparison with bilingual
children aged 6 years who are in Standard
One, because of increased exposure to
English by Standard 2.
3. METHOD

1.2 ACQUISITION OF VOWEL LENGTH
Salidis & Johnson [16] found that, by the age of 14
months, infants are able to control vowel length in
their speech. Equally, Kehoe and Stoel-Gammon [11]
investigated vowel length errors in English children
who were around two years of age. The results
indicated that there was a low mean percentage of
vowel length errors in the production of the children.
Where bilingual children are concerned, lack of
the development of prosodic patterns in one or other
language could indicate acquisition delay, as
indicated by Kehoe [10] in a study of GermanSpanish bilingual children. Kehoe [10] attributed
acquisition delay in the acquisition of the German
vowel length contrast relative to monolinguals to the
more marked vowel system of German, which was a
source of difficulty for the bilinguals to acquire,
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3.1. Participants
The study employed twenty 6-7-year-old Batswana
children with no speech and language impairment, ten
of whom were sequential bilingual Setswana-English
speakers, and ten who were Setswana monolinguals.
The monolinguals are considered as such because
they were in the first and second year of public school
primary where English is not the main medium of
instruction. Therefore, they were exposed to minimal
English. The Setswana-English bilinguals have been
exposed to high English input through private
English-medium schools from the age of three. All
the children were born in Botswana and had never
lived outside the country. The children were recruited
from schools through consent letters that were given
to the children to give to their parents. The children
were also given The Language and Social

significant effect, t(8) = -4.064, p = .004. Therefore,
the STD 2 bilingual group was associated with
statistically significantly longer penultimate syllable
vowel duration than the STD1 bilingual group as
shown in figure 2. This was not the expected result
and so it goes against hypothesis 2.
Figure 1: penultimate vowels and non-penultimate
vowels means for monolinguals and bilinguals.

0.2
means (s)

Background Questionnaire (LSBQ), adapted from
Bialystok [2], to be completed by the parents. The
questionnaire elicited the language use pattern of the
participants as this determined their inclusion in the
study. In addition, the Raven’s Coloured Progressive
Matrices (RCPM) ([15]) was administered to ensure
that the bilingual and monolingual groups did not
significantly differ cognitively (t(18)=2.003, p
=.060).
The 6-7 years age group was chosen based on the
results of previous studies, which reported that, by the
age of 2, monolingual children have acquired the
vowel length of their language ([11]; [16]), while
bilinguals do so by the age of 3([10]). Therefore, at
the age of 6-7 years the Setswana PSVL of these
children should be in place.
3.2. Materials and procedure

0.15
0.1
monolinguals

0.05

bilinguals

0

Figure 2: penultimate vowels means for STD 1and
STD 2 bilinguals.

Duration (ms)

The children’s recordings of spontaneous speech
based on the retelling of the picture story Frog where
are you? ([13]) were used. The recording took place
in a quiet room. A Roland EdirolR-09HR recording
device was used to collect data in wave format
sampled at a rate of 44.1kHz, 16 bit stereo.
Sixty seconds of the speech of each child that
contained a number of utterances, none of which was
less than five syllables long, were used in the analysis.
Audacity software was used to edit out lengthy
pauses. Praat software was then used to measure and
label the duration in seconds of vocalic intervals. The
measurement and segmentation criteria for vocalic
intervals followed that of Grabe and Low [6]. 20% of
the data (two randomly-selected monolingual and
bilingual speakers’ files) were independently labeled
by another researcher with phonetic training to ensure
reliability (Spearman’s Rho: rs = > .8; p < .001) which
indicates a significant positive relationship between
the original measurement and the inter-rater
reliability measurement.

0.13
0.125
0.12
0.115
0.11
STD1

STD2
bilinguals

penultimate vowels

5. DISCUSSION

4. RESULTS
4.1. Research question 1
A total of 947 words were analysed. The results of the
means as indicated in Figure 1 shows that the
bilingual group lengthen the final syllable vowel
more than any other vowel in a word while the
monolinguals lengthen the penultimate vowel. The
independent samples t-test showed a statistical
significant effect, [t(18) = -11.646, p = .001]. This
was the expected result as indicated by Hypothesis 1.
4.2. Research question 2
The independent samples t-test showed a statistically
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The results show that the monolinguals lengthen the
penultimate syllable vowel as per the phonological
requirement of the Setswana phonological system,
while the bilinguals do not; they lengthen the final
syllable instead, an effect observed in English ([17,
18]). It is, therefore, likely that the dominant second
language (L2), English, is having an effect on the
production of the speakers’ first language (L1),
Setswana. By lengthening the final syllable vowel
more than the penultimate syllable vowel the
bilingual group is violating the requisite of the
Setswana phonology while the monolingual group
adheres to it.

What is interesting is that the bilinguals
significantly lengthen the vowels of all the syllables
more than monolinguals [p < 0.05, (Mann-Whitney
U = 40.000, p =.019)] except for the penultimate
vowel, even though the difference is small, and so not
statistically significant [t(18) = 214, p = .833].
The bilinguals’ mean penultimate syllable length is
0.12s, while that of the monolinguals is 0.11s. The
findings of the present study are consistent with that
of [7] and [12] who established that speaking rate has
an effect on the duration of the vowels. Slow speaking
rate resulted in longer vowels on average compared
to normal and faster speaking rate. The utterance of
the bilingual children in the present study was slow
and was also accompanied by long pauses due to their
lack of proficiency in Setswana. For example, the
word mosimane (boy) was in some cases produced as
mo-si-ma-ne, where the dashes at the end of a syllable
represent the pauses. It took monolinguals 0.66
seconds on average to produce a four syllables word
while it took bilinguals 0.93 seconds. It is possible
that the pauses could also have contributed towards
longer vowel durations in the syllables of the
bilinguals’ utterances compared to monolinguals.
This assumption is based on the finding that phonetic
components before a boundary such as at the end of a
sentence or at the end of an intonational phrase attract
lengthening [17] and [18]. It is plausible that the
pauses in between the syllables could have been
interpreted as signifying the end of a segment and
thereby resulting in the lengthening of the syllables.
The results of the comparison between the STD 1
bilinguals and STD 2 bilinguals show that there is
significantly more PSVL at STD 2 than at STD 1.
This difference could be due to the fact that the STD
2 bilinguals’ exposure to Setswana increases at the
same time as their exposure to English, as they are
introduced to more Setswana learning as a subject at
STD 2 being a grade higher than STD 1. Nonetheless,
the results indicated that the STD 2 bilinguals still
lengthen the final syllable vowel more than they
lengthen the penultimate syllable vowel. It is not
surprising that the children in STD 2 still maintain the
lengthening of the final syllable vowel because the
English input they receive still surpasses that of
Setswana, assuming English is having an effect on
their prosodic patterns. The children only receive a
one-hour lesson of Setswana a week. This finding
mirrors that of [14], that high L2 input at the expense
of L1 affects the development of L1.
The statistically significant difference in the
penultimate syllable vowel length by STD 1 and STD
2 might mean that, although the vowel in the final
syllable is still the most lengthened, the PSVL of the
STD 2 children is developing in the expected
direction. The findings suggest that the phonological
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systems of the Setswana-English bilinguals have
interacted, possibly due to acquisition delay, as
concluded in Kehoe [10] study. However, it should be
noted that acquisition delay in the German-Spanish
bilinguals in Kehoe [10] was only found in the
bilingual children’s German but not in their Spanish.
Kehoe [10] attributed acquisition delay in the
acquisition of the German vowel length contrast
relative to monolinguals to the more marked – and
therefore more difficult – vowel system of German,
whereas Spanish, which is less marked in terms of
vowels, was easier to acquire. Setswana, like Spanish,
is less marked in terms of vowels it being syllabletimed ([3]). Therefore, the expectation is that, at age
6-7 years, the Setswana-English bilinguals’ PSVL in
Setswana should be in place.
It is also possible that incomplete acquisition
Montrul [14] could be responsible for the patterns
observed among the bilinguals. However, the data of
the present study cannot ascertain this. Inclusion, a
younger monolingual control group or a longitudinal
study might shed light on the problem.
6. CONCLUSION
The findings of this study have shown that the 6-7
years old Setswana-English bilingual children
lengthen the final syllable vowel rather than the
penultimate syllable, probably due to effects from the
dominant L2 (English), thereby violating the requisite
of Setswana phonology. This could possibly result in
communication breakdown.
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ABSTRACT
This study investigated whether distal (non-adjacent)
rhythmic patterns or proximal (adjacent) durational
differences would influence listeners’ perception of
temporal cues, testing categorization of a
“coat”~“code” vowel duration continuum. The
pattern of alternating long/short syllables preceding
the target was manipulated such that the target was
the second syllable in either a trochee (…long-short,
long-target) or iamb (…short-long, short-target).
Two competing predictions are tested: (1) If the target
is grouped perceptually as the second, longer, syllable
in an iamb (versus trochee), listeners might expect
longer vowel durations for a “code” response
(decreasing “code” responses). (2) Proximal
durational contrast effects predict the opposite shift in
categorization, where a shorter syllable precedes the
target in the iamb condition (increasing “code”
responses). Results substantiate prediction (1):
categorization shifts in line with expectations about
rhythmic grouping. Results are discussed in terms of
distal/proximal speech rate effects, and the
importance of rhythmic patterns for word
segmentation/lexical processing.
Keywords: rate-dependent perception, prosody,
speech rhythm, speech rate, speech perception.
1. INTRODUCTION
Listeners must contend with highly variable acoustic
cues in perceiving speech. One dimension of
variability is speaking rate (e.g. [17,24]), which
influences the duration of cues to segmental contrasts
(e.g. [19]). In light of this, it is well established that
listeners interpret durational cues relative to their
context, influenced by both proximal [11,20]
(typically defined as adjacent in terms of
syllables/segments) and distal (i.e. non-adjacent)
[15,26] speech rate. One significant issue in
investigating the influence of speech rate on listeners’
interpretation of durational cues is the relative
importance of proximal durations (i.e. “durational
contrast” as defined in [11]), and more distal changes
in rate [5]. The present study addresses a related
question by testing how the rhythmic properties
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(involving relative timing) of a more distal context
influence rate-dependent perception of a segmental
contrast. This question is pursued in light of the
demonstrated importance of distal prosodic/rhythmic
structure in word segmentation and lexical processing
[12,13,21].
1.1. Distal and proximal context effects

In a series of experiments, Bosker (2017) [5] crossed
the duration of pure tones preceding a target (long
versus short), with their rate of repetition (fast versus
slow), and observed how these manipulations
influenced listeners’ categorization of a subsequent
Dutch vowel length contrast, reflecting their
perception of duration. [5] showed that the rate of
repetition of tones drives listeners’ adjustment of
categorization, where faster repetition increased long
vowel responses (i.e. following a fast rate listeners
more readily categorized a subsequent vowel as
phonemically long). Perhaps surprisingly, proximal
duration did not influence categorization in any of
[5]’s experiments. These results highlight the
importance of distal rate effects, and the apparent
insignificance of proximal durational contrasts when
distal context is present ([5] suggests proximal effects
may be better understood as originating from cueintegration processes, following e.g. [30]). Given that
distal context appears to be of central importance in
rate-dependent perception [6,14] the present study
investigates how the timing structure of distal patterns
in speech may influence listeners’ perception of
durational cues.
1.2. Distal prosodic effects in speech processing

Another body of literature documents the important
role that alternating sequences of pitch and duration
play in word segmentation and lexical processing,
e.g. [12]. For example, given an ambiguous string of
sounds that can be parsed in two ways, e.g.
“cry#sister#nip” versus “crisis#turnip” [13], listeners
will parse the sequence such that the two first
syllables form a single word “crisis”, when the
preceding context matches such a parse, i.e. when a
sequence of strong (S) and weak (w) preceding
syllables implies that the upcoming string should be
grouped as one S-w unit (i.e. S-w S-w crisis # turnip).

The other parse is obtained with distal rhythmic cues
imply a different grouping for the first syllable in the
ambiguous string. Similar effects have also been
demonstrated with eye tracking, suggesting they play
an important role in online speech processing [8].
These findings are couched in the perceptual
grouping hypothesis [12,21], which predicts that
alternating patterns of pitch and duration should
influence listeners’ expectations about the grouping
of upcoming material in the speech signal, as
informed by findings in domain-general auditory
perception of pitch and duration [4, 18]. Given that
listeners clearly incorporate expectations about distal
rhythmic grouping in word segmentation/lexical
processing, the present study extends the perceptual
grouping hypothesis to test how perceptual grouping
may influence processing of durational cues.
1.3. The present study

The present study is a first step in extending both of
these lines of research. The durational cue chosen as
a test case is vowel duration as a cue to coda obstruent
voicing (where vowels are longer preceding voiced
obstruents, e.g. [10]). This is a robust cue for voicing
in English that is influenced by changes in durational
context [16,25]. This study examines how listeners’
perception of vowel duration shifts on the basis of
distal rhythmic information. Specifically, based on
whether the target is preceded by a series of
(durational) trochees (long-short) or iambs (shortlong). Following the logic of the perceptual grouping
hypothesis, listeners may group the target syllable as
the second syllable in either a trochee, or iamb, and
expectations about this grouping may mediate their
perception of vowel duration as a cue to voicing.
Proximal context effects are predicted to generate a
different perceptual adjustment (outlined below).
The present study can thus be viewed from two
angles: on one hand, it extends the literature showing
the importance of distal prosodic/rhythmic patterns in
word segmentation to explore how they may
influence the perception of durational cues. On the
other hand, it investigates the relative importance of
distal and proximal speech rate effects by testing how
the timing patterns of a distal context influence
categorization, in competition with proximal context
effects.
2. THE EXPERIMENT
The experiment was a 2AFC task. Listeners
categorized a target sound from a vowel duration
continuum as one of two English words: “coat” or
“code”. These particular words were chosen as they
are relatively matched for frequency (from [9]). The
crucial manipulation in the experiment is whether a
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series of trochees or iambs preceded the target. Based
on the grouping of preceding syllables, the target
formed the second syllable of either type of foot.
2.1. Materials

Stimuli were created by PSOLA resynthesis [22] of
the natural speech of a male speaker of American
English, in Praat [3]. In creating the vowel duration
continuum, the word “code” was excised from the
carrier phrase “I’ll say code now”. Audible voicing
after closure was removed, to render the target stop
ambiguous. The vowel duration of the original token
was approximately 170 ms. The continuum was
synthesized by manipulating the vocalic portion of
the target word (all continuum steps were created by
resynthesis). The continuum had 5 steps, each
separated by 15 ms. The shortest endpoint of the
continuum was set to be 90 ms (corresponding to a
“coat” response), the longest endpoint of the
continuum was set to be 150 ms (corresponding to a
“code” response). These endpoint durations were
determined based on pilot experiments.
A target sound from this continuum was placed
following one of two precursors, which manipulated
the implied rhythmic grouping of the target. To allow
for tight control of the durational properties of the
precursor, a CV syllable [tʰɑ], produced by the same
speaker, was resynthesized to have one of two vocalic
durations, 75 ms or 150 ms. Only vowel duration was
manipulated, VOT was identical in all precursor
syllables. These short and long syllables were iterated
in a two different patterns to create the IAMB and
TROCHEE conditions. In creating the IAMB condition,
a short syllable was placed preceding a long syllable
to create at short-long iambic foot. This pattern was
then repeated three times. In a final, fourth foot, a
short syllable was followed by the target sound
(which had different vowel durations based on the
continuum step). The target was thus grouped with a
preceding short syllable to form the second syllable
of an iambic foot (see Figure 1). In creating the
TROCHEE condition the relative ordering of long and
short precursor syllables was switched such that three
trochaic feet preceded the final foot, which consisted
of a long syllable and the target sound (see Figure 1).
The two conditions thus present different rhythmic
structures preceding the target, and differ in the
implied status of the target, as either the second
syllable in an iambic, or trochaic foot. All syllables
were separated by 50 ms of silence. So that duration
alone distinguished the precursor syllables from the
target, the average intensity and pitch (which was
monotonized) of every syllable in the stimulus was
manipulated to be the same (72 dB; 131 Hz).
Crucially, in terms of proximal context, the syllable

preceding the target is shorter in the IAMB condition
and longer in the TROCHEE condition. This is
highlighted in Figure 1 which shows the two
conditions below.
Figure 1: Waveforms showing all eight syllables of
the stimuli. The target has 150 ms vowel duration.
The longer syllable in the precursor is bolded in
transcription. Parentheses represent hypothesized
grouping. Proximal context is boxed.

vowels are more readily perceived as “code”. This
result would implicate listeners’ expectations about
vowel duration and rhythmic grouping based on distal
context, where the relative timing of the precursor
modulates perception of vowel duration. As outlined
above, this predicts that categorization will shift in the
opposite direction as predicted by proximal context.
2.2. Participants

Thirty-two self-reported native English-speaking
adults with normal hearing participated in the study.
Participants were students at UCLA and received
course credit for participation.
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Given these conditions, two predictions can be
contrasted. Firstly, consider the proximal context
only. As noted above, a longer syllable precedes the
target in the TROCHEE condition, relative to the IAMB
condition. Based on local speech rate normalization
(i.e. durational contrast [11]) this proximal difference
would predict that listeners should require longer
vowel durations for a “code” response in the
TROCHEE condition, given that preceding lengthening
shifts the perception of durational cues. The effects of
proximal context would therefore predict a decrease
in “code” responses in the TROCHEE condition
relative to the IAMB condition.
Next consider what might be predicted based on
the perceptual grouping hypothesis. If listeners
perform the expected perceptual grouping, in the
TROCHEE condition the target would be grouped as
the second syllable of a trochaic foot. Similarly,
listeners would group the target as the second syllable
in an iambic foot in the IAMB condition. Following
this logic, listeners might expect shorter vowel
durations for a “code” response in the TROCHEE
condition, given that the target is perceptually
grouped as being the second, shorter, syllable in a
series of long-short feet. Likewise, in the IAMB
condition, listeners would expect longer target
durations when the target is the second syllable in an
iambic foot. This would predict increased “code”
responses in the TROCHEE condition, where shorter
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Testing was carried out in a sound-attenuated room in
the UCLA Phonetics Lab. Participants were seated in
front of a desktop computer. Stimuli were presented
binaurally via a PeltorTM 3MTM headset. The platform
used for experiment presentation was Appsobabble
[29]. During testing, participants heard a stimulus and
saw “code” on one side of the screen and “coat” on
the other (counterbalanced across participants). They
indicated their choice by keypress where ‘f’ indicated
the choice on the left side of the screen and ‘j’
indicated the choice on the right side of the screen.
Participants heard 10 repetitions of each of the 10
unique stimuli, for a total of 100 trials. The ITI was
250 ms. Stimuli were completely randomized. The
experimental trials were separated by a short selfpaced break halfway through.
2.4. Results and discussion

The results from the experiment are discussed in
reference to the statistical model used in their
evaluation. Results are assessed by a mixed-effects
logistic regression. The analysis was performed in
RStudio [27], using lme4 [2]. The dependent variable
in the model is the listeners’ response (“code”
mapped to 1). Fixed effects are target vowel duration
(centered at 0), rhythm, which was effect-coded
(IAMB mapped to -1, TROCHEE mapped to 1) and their
interaction. Random effects in the model are bysubject intercepts, with maximally specified bysubject random slopes [1]. Table 1 gives the model
output. Figure 2 shows listeners’ categorization split
by rhythm condition.
Table 1: Model output. Estimates are rounded.
intercept
rhythm
vdur
rhythm:vdur

β(SE)
-0.02(0.19)
0.16(0.06)
1.76(0.14)
0.07(0.05)

z-value
-0.13
2.86
12.58
1.32

p-value
0.90
0.004**
< 0.001***
0.18

0.5

trochee
iamb

0.0

prop. 'code' responses

1.0

Figure 2: Categorization by rhythm condition.
Points show the proportion of “code” responses (on
the y axis) at each continuum step (on the x axis).
Lines are psychometric curves representing a
smoothed categorization trend.
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As shown in Figure 2 and Table 1, a significant
effect of rhythm was found, whereby the TROCHEE
condition shows increased “code” responses relative
to the IAMB condition (β(SE) = 0.16(0.06), z = 2.86, p
< 0.01). This suggests that preceding rhythmic
patterns did indeed modulate listeners’ perception of
vowel duration. Specifically, when the target was
grouped perceptually as being the second syllable in
an iamb, an expectation of relative lengthening
shifted categorization such that longer vowel
durations were required for a “code” response, in
comparison to the TROCHEE condition. This
effectively increases “code” responses when there is
a preceding trochaic context. As emphasized above,
this shift in categorization is in contrast to what would
be expected on the basis of proximal context.
These results can be looked at in two ways. In
terms of recent research on distal effects in ratedependent speech perception, they can be taken to
extend conclusions reached by [5], in showing that
the relative timing of preceding distal material plays
a role in listeners’ perception of durational cues. They
further indicate that proximal durational contrast
effects [11] are not observed when certain distal
contexts are provided. As highlighted by [5], this
underscores the necessity of further research into the
relative importance of proximal and distal cues, and
which predominate under what circumstances. One
basic empirical step in furthering these results would
be testing how increasing the temporal distance of
rhythmic repetitions from the target, or inverting the
pattern at different points in a precursor would
influence listeners’ categorization. Given that [6] has
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shown that distal speech rate effects persist even after
an interval of non-manipulated speech, one might
predict that the effects of distal rhythmic patterns may
persist over a certain interval with a neutral rhythmic
context. Another empirical extension of the present
result is to investigate how rhythmic alternations
interact with changes in rate of repetition of distal
material. Observing the relative importance of each
and potential interactions between these factors may
be an important step in taking a full account how
different properties of distal context influence
listeners’ perception of temporal cues.
On the other hand, these results can be thought of
as an extension of the research showing distal
rhythmic/prosodic effects in word segmentation and
lexical processing, outlined above. Given that ratedependent speech perception is typically seen as
originating from general auditory processes (e.g. [5])
these results can be taken as showing that rhythmic
structure is relevant in what is thought of as low-level
speech processing. Following the idea that this
perceptual grouping is a general auditory process (as
discussed in [21]), the present results can be taken as
suggesting such an auditory grouping effect can have
important consequences for listeners’ uptake of
linguistic information, both in the processing of
durational cues (in the present study) and in word
segmentation [21]. The present results therefore align
with the claim that temporal structure in the speech
signal is incorporated at multiple levels of processing
[5,7], both in what is thought of as more early-stage
processing [5] (as in the present results) and
processing which is post-lexical [21]. Another
possible extension is to investigate how these effects
play out online, using a similar eye tracking paradigm
as e.g. [26]. More broadly, using more naturalistic
stimuli with different intonational and metrical
properties is a further step in scaling up the present
results. In this vein, testing different prosodic
patterns, and looking cross-linguistically, may help
inform our understanding of how linguistic
information is relevant in rate-dependent speech
perception, and how it interacts with domain-general
auditory processing, which remains a pertinent
question (e.g. [7,23,28]).
3. CONCLUSIONS
In sum, these results are a first step in showing the
importance of rhythmic context in listeners’
perception of vowel duration, and durational cues
more generally. These rhythmic patterns apparently
override proximal contrast effects and show that
distal rhythmic structure should be further
investigated as a factor in listeners’ processing of
temporal cues.
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ABSTRACT
Examinations of the acoustic correlates of lexical
stress in Czech revealed final lengthening operating
at the level of individual words: a word-final (nonnuclear and phrase-internal) vowel was shown to be
significantly longer than word-internal vowels. This
study aimed to find whether listeners are sensitive to
these temporal details: in ambiguous word–
pseudoword sequences read by four speakers, the
duration of the first vowel of the pseudoword was
lengthened to see whether this would result in the
reassignment of the given syllable as the final syllable
of the preceding word. A perception test was
individually administered to 45 respondents. The
results show that listeners tend to reassign a syllable
even in some sentences without temporal changes,
although less frequently. Moreover, the perception
strongly depends on the particular sentence, with only
some behaving according to expectations. The results
are discussed especially with respect to cue weighting
in speech perception.
Keywords: lexical stress, temporal structure, speech
perception, cue weighting, Czech
1. INTRODUCTION
Czech is a language in which lexical stress is fixed to
the first syllable of a prosodic word (stress group). In
such languages, the function of stress is not nested in
an isolated word but in a prosodic phrase, where it
provides for correct parsing of the whole unit. The
acoustic correlates of lexical stress have recently been
examined by [10] (cf. also [11]). The results of the
study confirmed earlier methodologically more
scattered findings, namely that the stressed syllable in
Czech does not manifest any of the typical signs of
prominence, in the sense of positive deviations of
acoustic parameters: vowels in stressed syllables are
not marked by higher sound pressure level, by higher
or more variable F0, longer duration, shallower
spectral slope, nor more peripheral vocalic
articulation, as reflected in formant values.
Earlier studies [5], [9] suggested that word stress
in Czech is not determined by the acoustic
prominence of the stressed syllable, but rather by the
prosodic configuration and cohesion of the entire
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stress group and by prosodic discontinuities between
neighbouring stress groups. More specifically, Czech
stress groups seem to be characterized by a post-stress
F0 rise (L*+H), with the second syllable in a stress
group typically lying higher than the stressed one [7].
More specifically, three-syllabic and longer stress
groups produced by Czech Radio newsreaders were
found to display a rising-falling pattern of F0 [12],
and this post-stress rise seems to be characteristic of
most speech styles in Czech.
While vowels in stressed syllables were not found
to be more prominent than those in unstressed
syllables in the traditional treatment of prominence
[10], the study uncovered a previously unknown
tendency for vowels in the last syllable of a prosodic
word to be significantly longer than in the preceding
syllables. It must be pointed out that only phraseinternal and non-nuclear stress prosodic words were
analyzed, so that this result is not affected by the wellknown phrase-final lengthening (or deceleration), or
by higher-level prosodic prominence (see the review
in [4]). In other words, the study found lengthening at
the level of individual words, in phrase reading as
well as in spontaneous speech, and the extent of this
lengthening was, on average, 30%.
Such phrase-internal word-final lengthening has
been documented before in carefully controlled
speech involving minimal pairs: for instance,
Beckman and Edwards [1] found the schwa in the first
word of sentence a. below longer than that at the
beginning of sentence b.
a. Poppa posed the question strongly...
b. Pop opposed the question strongly...
Similarly, Cutler and Butterfield [3] compared
vowel durations in target pairs like inquires vs. in
choirs or lettuce vs. let us and found a small effect of
duration. In [13], the authors carried out quite an
extensive study on news bulletins read out by
professional news readers with an objective to
examine polysyllabic shortening in words, interstress
intervals and word rhymes. They did not confirm the
existence of independent polysyllabic shortening in
either of the units, but they found evidence of final
lengthening in all three domains. (Phrase-initial and
phrase-final units were excluded from their analyses.)
To the best of our knowledge, phrase-internal wordfinal lengthening as in [10] has not been identified in
less controlled or even spontaneous speech before.

The magnitude of the observed word-level
lengthening effect found in [10] was relatively large,
especially for a language like Czech in which vowel
quantity is phonologically distinctive. It is thus
conceivable that word-final lengthening within
prosodic phrases may function as a perceptual
boundary cue. This hypothesis was indirectly
supported by a study of synthetic Czech speech using
unit-selection [6]. The authors found that placing
word-final but phrase-internal vowels from the source
database (or rather, diphones pertaining to those
word-final vowels) into non-word-final contexts
significantly deteriorated the subjective quality of the
synthesized speech, presumably due to the disruption
of local timing relations.
Since F0 configurations throughout prosodic
words and F0 discontinuities appear to aid the
segmentation into stress groups [9], [12], and since
duration represents a clear acoustic discontinuity
between neighbouring stress groups [10], the
objective of this study is to examine the role of
duration in cuing stress group boundaries. In other
words, we are interested in seeing whether listeners
will be sensitive to temporal manipulations to such an
extent that an ambiguous syllable will be reassigned
from one stress group to another.

vowel of the third word (1) was lengthened in two
steps, by 30 and 45%; these are henceforth labelled
stimulus B and C, respectively. As mentioned above,
30% was the mean duration difference between the
final and non-final vowels [10]; however, it was
desirable to include a larger lengthening to be able to
compare the responses of the listeners in stimuli
which, upon informal listening, clearly triggered the
reassignment of the target syllable.
Performing only the lengthening resulted in two
consecutive “lengthened” syllables: one naturally
([ʒɛ] in the example above) and one artificially
([mɛ]), which considerably disrupted the local
timing. That is why the vowel which was originally
word-final ([ɛ] in the word ukáže above) had to be
shortened. The degree of shortening was determined
from the corresponding version (2) of the given
sentence in which the respective vowels appeared
word-internally (ukážeme). The entire procedure is
schematically shown in Figure 1.
Figure 1: Schematic representation of the
manipulations performed on sentence (1) to induce
perception corresponding to sentence (2); see text.

2. METHOD
2.1. Material

Four native speakers of Czech (two female, two male)
read 24 four-word phrases as in (1) below, where the
second word has a different lexical or grammatical
meaning when the first syllable of the third word is
placed at the end as in (2), and the third unit is a
pseudoword in both sentences but is always phonotactically valid in Czech. The speakers also read
version (2) for the purpose of comparison (see below).
(1) Někdy ukáže
merušijský poklad.
/ ˈɲɛɡdɪ ˈʔukaːʒɛ
ˈmɛruʃɪjskiː ˈpoklat /
Sometimes [s/he] shows “merushiy” treasure.
(2) Někdy ukážeme
rušijský
/ ˈɲɛɡdɪ ˈʔukaːʒɛmɛ ˈruʃɪjskiː
Sometimes [we] show “rushiy”

The resulting phrases were used to compile a 2AFC
perception test whose aim was to determine whether
the implemented duration changes would induce a
shift in interpretation from (1) to (2), and whether the
lengthening of 30 and 45% would yield significantly
different responses.
2.2. Perception test

poklad.
ˈpoklat /
treasure.

The manipulations were performed using PSOLA [8]
as implemented in Praat [2]. To eliminate the effect
of melodic changes, we first monotonized F0 from the
second syllable of the second word (in this way, we
introduced the characteristic post-stress rise in F0
mentioned above) until the end of the third word. This
monotonized-only version, henceforth labelled
stimulus A, served as reference; it was expected to
yield interpretations corresponding to the original
reading (1). Subsequently, the duration in the first
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A pilot test showed that the repetition of identical
phrases with different degrees of lengthening, albeit
pronounced by different speakers, was not engaging
enough for the listeners to produce significant results.
They seemed to be unable to change their interpretation of a given phrase once they formed an opinion
on the wording. That is why we redesigned the
experiment so that each phrase appeared only twice,
always read once by a male and once by a female
speaker, yielding the total of 48 stimuli. Of these, 10
were type A stimuli (i.e., only with F0 monotonized)
and 19 were type B and type C stimuli each.

Four different versions of the perception test were
created. Since it was crucial that the same underlying
phrases (pronounced by a male and a female speaker)
appeared as far from each other as possible, the
stimuli were presented in a fixed order within each
test version. Care was taken that phrases similar in
terms of their syntactic and/or morphological
structure did not appear close to each other.
In order to further reduce the possibility of
listeners fixating on one of the two interpretations, the
entire test was preceded by a brief exposure (40
seconds) to all the 48 words in the form of a list on
two subsequent PowerPoint screens. The words were
ordered alphabetically and counterbalanced with the
experiment in that the first slide always showed the
version that would appear second in the first half of
the listening experiment and vice versa.
The perception test was administered using the
ExperimentMFC tool in Praat to 45 respondents, all
students of philological majors at the university in
Prague (38 females, 7 males). The two possible
interpretations of the phrase (with their order
counterbalanced across the two appearances within
one test, as well as across the four test versions) were
shown on the screen. After a 2500-ms silence, during
which they could read the interpretations, the listeners
were instructed to click on the phrase which they
regarded as a more probable version of what the
speaker was reading. Listeners were allowed to replay
each stimulus three times. Three trial items, which
used different speakers, preceded the test itself; a
short break was included after every eight items to
reduce fatigue.
2.3. Analysis

The listeners’ responses were associated with values
as follows: 1 corresponds to version (2) above (i.e.,
with the initial syllable of the pseudoword perceived
as the final syllable of the preceding word); –1
corresponds to version (1) above (perception without
syllable reassignment). For each group we calculated
the mean value and estimated confidence intervals
using the bootstrap method with a significance level
of 0.05 (Bonferroni-corrected for multiple testing).
This means that a null hypothesis of no significant
difference between the perception of versions (1) and
(2) cannot be rejected if the confidence interval in the
charts includes the value of 0.
3. RESULTS
It is obvious already from the global results shown in
Figure 2 that the hypothesis has not been confirmed
unequivocally: the first syllable of the pseudoword
has been perceptually reassigned as the last syllable
of the preceding word significantly more often than
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not in all three types of stimuli. In other words, these
results indicate that even in type A stimuli, where no
lengthening was introduced, the mere monotonization
of F0 was sufficient to induce a change in perception
from version (1) (e.g., [ˈʔukaːʒɛ ˈmɛruʃɪjskiː]) to
version (2) (e.g., [ˈʔukaːʒɛmɛ ˈruʃɪjskiː]). This
perceptual reassignment is only slightly more salient
in stimuli of the B and C type, which involve 30% and
45% lengthening of the pseudoword’s first syllable
nucleus, respectively.
Figure 2: Responses to stimuli A (F0 levelling
only), B (30% lengthening), and C (45%
lengthening); see text for more detail.

It should be clear, however, that the global results
conceal a lot of variability. In Figure 3 overleaf, we
plot the responses for all 24 phrases (note that not all
stimuli of type A are represented; cf. section 2.2). The
results show one phrase which may be regarded as
exemplary from the perspective of our original
hypothesis: in phrase 15, stimulus A with only F0
levelling was perceived by the respondents as
corresponding to the original reading [ˈzanɛx
ˈtɛmurnɛː], stimulus C with the largest lengthening
of the vowel in syllable [tɛ] induced the most
significant response in favour of the opposite reading,
[ˈzanɛxtɛ ˈmurnɛː], with stimulus B evaluated as not
significantly in favour of either reading.
There are several other phrases which deviate
from this pattern only to a small degree. In phrases 1,
12, 17 and 20, stimuli B and C were perceived
according to the expectations, with the target syllable
perceptually reassigned significantly more often than
not. In stimuli A, there was no statistically significant
difference between the responses in favour of either
of the two readings. In phrase 5, it is also stimulus B,
with the smaller degree of lengthening, where the
responses did not significantly differ.
Four phrases – numbers 2, 6, 11, and 16 in Figure
3 – manifest a rising or at least level tendency towards
the reassigned interpretation with progressive
lengthening but the tendency to reassignment is, in
fact, significant already in stimuli A which involve no
lengthening.

Figure 3: Responses to stimuli A (only F0 monotonization), B (30% lengthening), and C (45% lengthening) in the 24
phrases. The target syllable is shown in brackets.

The responses to the remaining phrases where all
three stimuli (A, B, C) are represented (i.e., 7, 10, 21,
22), but also to many of those with stimuli B and C
only, are more difficult to explain. In some of these,
the 30% lengthening of stimulus B induced a greater
change in the direction of the reassigned
interpretation than the 45% lengthening of stimulus
C. In others, none of the manipulations induced the
expected significant shift in perception.
4. DISCUSSION
The results of the perception test do not speak
unanimously for or against the hypothesis of wordfinal lengthening as a cue of the word boundary.
Apparently, the phenomenon is not robust enough to
outweigh the influence of other cues which contribute
to the correct word boundary detection by the listener.
Our test items provide competitors of different
strength. The strongest phonetic cue is quite probably
the melodic contour, and depriving the listener of
melodic cues seems to have resulted in a much more
ambiguous segmentation than hypothesized.
Moreover, by monotonizing F0 we actually did
not monotonize pitch; the perceptual impression was
likely not one of melodically monotonous sequence
of syllables where vowels of different height met
around the target syllable. However, controlling for
vowel height would have resulted in highly unnatural
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phrases, i.e., phrases with perhaps statistically
stronger results but without ecological validity.
The levelling of F0 may also have strengthened
the effect of other, especially temporal cues which are
presumably not as important for segmentation in
normal speech. For instance, it is conceivable that [ʃ]
in the pseudoword vyšlaka (phrase 21) will be shorter
than in šlaka (but cf. [13]), or that the closure duration
in [k] at the beginning of the pseudoword
kamonových (phrase 7) will be longer than within the
word výdejka where it only marks an ordinary
grammatical suffix.
One last, potentially strong competitor to the
word-final lengthening, might be the level of
activation of the target words due to their frequency
of occurrence in the listeners’ cumulative input. For
instance, one can imagine that výdej and výdejka
(again phrase 7) will not be perceived as equally
likely by individual respondents.
Be that as it may, the overall trend that emerged
from 2160 judgements produced by our 45 listeners
suggests that word-final lengthening is not irrelevant
to word boundary perception in Czech.
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ABSTRACT
This study measured and quantified macro-rhythm in
English and Spanish. According to Jun’s prosodic
typology [1], macro-rhythm is phrase-medial tonal
rhythm whose domain is equal to or slightly greater
than a word. Macro-rhythm strength is determined by
the regularity of f0 slope shape, the regularity of
peak/valley distance intervals, and the number of
peaks per word per sentence. Jun’s model predicts
that Spanish has stronger macro-rhythm than English
because the most common pitch accent is L+<H* in
Spanish and H* in English, and Spanish tends to
accent content words with greater regularity than
English. Seven speakers of each language read twenty
sentences, which were measured for slope shape and
peak/valley distance intervals (variability measures),
and peak frequency. The preliminary results showed
that the variability measures did not differ between
languages, but that the peak frequency did. Therefore,
the findings quantitatively support the prediction that
Spanish has stronger macro-rhythm than English.
Keywords: prosodic typology, intonation, macrorhythm, AM model, intonational phonology
1. INTRODUCTION
Over the years, researchers have sought to understand
how and why prosodic features vary greatly across
languages. Jun [1, 2] proposed a model of prosodic
typology based on the Autosegmental-Metrical (AM)
framework of intonational phonology. According to
the AM model, intonation marks two major
properties: prominence and phrasing [e.g. 3, 4, 5].
Intonational tunes are composed of pitch accents,
which are prominent pitch targets or movements that
mark the head of a word (e.g. a stressed syllable), and
boundary tones, which are pitch targets or movements
that mark the edge of a prosodic unit. Therefore, [1,
2] includes prominence and phrasing as parameters in
the prosodic typology model. The prosodic properties
of an utterance are a combination of word-level and
phrase-level prosody in both of these parameters. The
prosodic typology model [1] categorizes languages
based on prominence, phrasing, and a third
parameter, macro-rhythm (tonal rhythm).
The first parameter, prominence, is marked at the
lexical level through one or a combination of the
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following: pitch accent, stress, and tone. Some
languages may not mark lexical prominence at all,
e.g. Mongolian and Seoul Korean. At the post-lexical
or phrasal level, prominence is categorized based on
whether it is marked by the head of the phrase (Head),
such as a nuclear pitch accent, by a boundary tone at
the phrase edge (Edge), or by both (Head/Edge).
Languages can be Head-prominent like English and
Spanish, Edge-prominent like Seoul Korean, or both
like Bengali and Japanese [2].
The second parameter, phrasing, is categorized by
the lexical and post-lexical prosodic units of a
language [2]. At the lexical level, these units include
morae, syllables, and feet, which contribute to
traditional notions of speech rhythm (syllable-timed
vs stressed-timed). Post-lexical units include the
Accentual Phrase (AP), Intermediate Phrase (ip), and
Intonational Phrase (IP).
The third parameter, macro-rhythm, is phrasemedial tonal rhythm, i.e. the regularity of high/low f0
alternations, whose unit is equal to or slightly greater
than a Prosodic Word [1]. It is defined by the degree
of rhythmic strength in f0; languages with frequent
high/low f0 alternations, similar f0 rising and falling
slopes, and similar distance intervals between peaks
and valleys are said to have stronger macro-rhythm
than other languages with less frequent alternations,
less similar slopes, and less similar peak and valley
intervals. The inclusion of macro-rhythm as a
parameter for cross-linguistic comparison is based on
the following phonological criteria: the number of
phrase-level tones in a language’s tonal inventory, the
most common type of phrase-medial tone, and the
frequency of f0 rise per word in a phrase. The model
can therefore predict the strength of macro-rhythm in
any language based on the prosodic structure as
described in the AM framework.
The purpose of this study is to quantify and
compare the macro-rhythm strength of two
languages, American English and Mexican Spanish
(henceforth English and Spanish). Although the
strength of macro-rhythm for Spanish proposed in [1]
was based on Castilian Spanish, results from Mexican
Spanish (or any other variety) would also make
language-general predictions about the macro-rhythm
strength of Spanish, given the similarities in the
intonational models across dialects [6]. English and
Spanish were chosen for comparison because they are
both Head-prominent languages with lexical stress.

While both languages have multiple types of pitch
accents in their respective tonal inventories, the most
common pitch accent in English is H* [7, 8], while
the most common prenuclear pitch accent in Spanish
is a rising pitch accent, L+<H* [9, 10, 11]. Therefore,
Spanish is expected to have more f0 alternations than
English.
In addition, the two languages differ with regards
to the regularity at which content words (CWords) are
pitch accented. Both Spanish and English tend to
deaccent some types of CWords such as verbs [5, 12,
13, 14], and this varies by speech style; spontaneous
speech is more likely to have deaccenting than lab
speech [15]. However, according to [16], Spanish
intonation, with some exceptions, is generally
analysed with the expectation that every CWord bears
a pitch accent. Furthermore, [17] found that Spanish
places pitch accents on both new and old information,
in contrast to languages such as English, where old
information is deaccented [18]. Therefore, Spanish is
expected to accent CWords with greater regularity
than English.
To summarize, Spanish is predicted to have
stronger macro-rhythm than English because the most
common pitch accent in Spanish is L+<H* while it is
H* in English, and CWords are pitch accented with
greater regularity in Spanish than in English. The
current study tests this prediction quantitatively.

between any two adjacent pitch accents. Since each
sentence had five CWords, it was predicted to have a
maximum of five pitch accents, thus five f0 peaks.
Therefore, each speaker would produce a maximum
of 100 CWords (5 CWords x 20 sentences).
To reduce the likelihood of disfluencies,
participants were first given the list of sentences to
read silently to themselves. They were then presented
with each sentence one at a time on a computer screen
and asked to read the sentence aloud fluently and
without any pauses. Each sentence appeared twice,
and two filler sentences were shown at the beginning
of the experiment to familiarize the participants with
the reading task. Each group was only presented with
sentences in their target language, i.e. monolingual
English speakers only read English sentences, and
bilingual Spanish speakers only read Spanish
sentences. All recordings were made in a soundattenuated room at a sampling rate of 44.1 kHz (32
bit) using SM10A ShureTM microphone and headset.
Jun [1] proposed two ways to quantify macrorhythm. The first way is to calculate the Macrorhythm Variation Index (MacR_Var), which is the
sum of the standard deviations of the rising slope
(rSD) and falling slope (fSD), peak-to-peak distance
(pSD), and valley-to-valley distance (vSD),
summarized in (1).

(1)

MacR_Var = rSD + fSD + pSD + vSD

2. METHODS
Participants were recruited from an undergraduate
population, and they received course credit for their
participation. They were either monolingual native
speakers of American English or bilingual speakers
of Mexican Spanish. Eligibility was determined
through a language questionnaire before the start of
the experiment. For the monolingual English group,
participants who indicated that they had learned a
language other than American English in their
childhood were excluded from analysis. Speakers in
either group who were disfluent readers were also
excluded. A total of fourteen speakers were analyzed,
seven speakers for each language.
Twenty sentences, each containing five CWords
with a varying number of function words in between,
were created for each language. The number of
unstressed syllables between the stressed syllables,
i.e., interstress interval (ISI), varied so that sentences
would vary in the location of pitch accents within a
sentence. Sentences were designed so that the total
number of different ISI was similar between
languages. This was to prevent any difference in pitch
accent realizations between the two languages to be
the result of the difference in the sentence material,
especially the distance (in the number of syllables)
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A high number of MacR_Var is considered
weakly macro-rhythmic because the large variability
suggests irregularly shaped peaks and/or variable
distance intervals between peaks. Therefore, English
is predicted to have a higher MacR_Var value than
Spanish.
The second way to calculate macro-rhythm is to
count the frequency of low/high alternations in a
phrase, known as the Frequency Index (MacR_Freq).
These alternations should roughly correspond to the
size of a Prosodic Word (PWord), i.e., a Cword plus
surrounding unaccented function words and/or clitics.
The MacR_Freq is calculated by dividing the number
of f0 peaks per sentence by the number of PWords in
the sentence, as summarized in (2). A language with
stronger macro-rhythm will have a MacR_Freq value
close to 1, meaning each PWord will have one f0
peak. Therefore, Spanish is predicted to have a
MacR_Freq value closer to 1 than English.
(2)

Number of f0 peaks per sentence

MacR_Freq = Number of PWords per sentence

The first repetition of each sentence was chosen
for analysis unless it was too disfluent, in which case
the second repetition was analysed instead. Sentences

Figure 1: Example of an annotated sentence read
by a male English speaker. H=high peak, L= low
valley, R=rise, Lf=fall at the end of a plateau to an
even lower f0. The labels are numbered in the order
in which they occur in the utterance. There is no H2
label because of the plateau fall from L2 to L3.

Pitch (Hz)

100
80

L1 R1
1

H1

L2
0

Lf2

warm

L3

water

for

an

hour

H3 L4

1

0

0
creak

0.12

200

150

100
Nadie

L1

H1
1

oyó

L2

el

H2
1

ruido

L3

agudo

H3

L4

1

en el

carro

H4
1

0

3.05

3. RESULTS

120

in the

250

Time (s)

140

remained

Figure 2: Example of an annotated sentence read by
a male Spanish speaker. The labels are numbered in
the order in which they occur in the utterance.

0.24

160

The man

Rising slope was calculated by taking the
difference between the H label and the preceding L
label, or the R label if the L target was followed by a
low plateau. Similarly, falling slope was calculated by
taking the difference between the L label and the
preceding H (or Hf) label.
The tier below the f0 labels captures the number
of peaks per word per sentence. The presence of a
peak within the PWord interval was marked with a ‘1’
and the absence of a peak with a ‘0.’ A sentence with
a greater number of ‘1’ labels is predicted to have
stronger macro-rhythm than a sentence with a fewer
number of ‘1’ labels. The bottom tier was for
comments, noting creakiness or truncated syllables,
which could affect f0 perturbation and alignment.

Pitch (Hz)

were excluded from analysis if they did not contain a
minimum of three consecutive non-disfluent
CWords. The recordings were annotated by hand in
Praat [19] and labelled for words, syllables, turning
points in the pitch track (f0 labels), and the number of
peaks in the sentence. A script was used to extract the
time and height values of the f0 labels, which were
used to calculate peak-to-peak distance (ms), valleyto-valley distance (ms), rising slope, and falling
slope.
Figures 1 and 2 show examples of the labelling for
each language. Tier 3 marks f0 turning points with the
following labels: L for low (valley), R for rise, H for
high (peak), and Hf and Lf for a fall after a high or
low f0 plateau, respectively. L was determined by the
lowest point before the next f0 rise; R was labelled at
the end of a low plateau just before the start of the rise
for the following high target; H was determined by
the highest point in the peak; Hf marked the end of a
high plateau before falling to a low f0 point; and Lf
marked the end of a low plateau before falling to even
lower f0 point. The number after the tone label
indicates the order in which it occurred in the
sentence. For example, in Figures 1 and 2, L1 is
followed by H1, which is followed by L2, etc.
Because macro-rhythm is defined as phrase-medial
tonal rhythm, sentences were only labelled up to the
final H to avoid influence from the boundary tone. If
there was no final H, which was common in the
English data, the last L point was labelled before the
f0 dropped again.

2.15
Time (s)
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Some of the speakers were more disfluent readers
than others, so not every speaker contributed the
maximum 100 CWords. A total of 695 pitch accentbearing words were analysed in English and a total of
659 words were analysed in Spanish.
To calculate the MacR_Var values, the standard
deviations were taken for rising slope, falling slope,
peak-to-peak distance, and valley-to-valley distance.
The raw data were then transformed into z-scores and
added together. A two-sample one-tailed t-test
showed that the Spanish speakers did not have less
overall variation than English speakers (t(12) = 0.45,
p = 0.33). Because the measures were combined into
a single score, it was unclear if certain measures
differed by language. To address this, linear mixed
effects models were run for each of the four measures
individually, with group as the predictor and speaker

as the random intercept. None of the models showed
a significant effect for group.
MacR_Freq values were also calculated, and
Figure 3 summarizes the distribution of the data for
each language group. On average, the values for
Spanish were higher than English, indicating that
Spanish has more peaks per word per sentence than
English. However, there was some within-group
variation. Although most English speakers had
MacR_Freq values between 0.4 and 0.45, two
speakers had higher values, indicating a more
rhythmic speech pattern in their reading style.
Similarly, two Spanish speakers had values below
0.6, indicating a less rhythmic speech pattern in their
reading style.
Figure 3: Distribution of the MacR_Freq values by
language group. The means are represented by
black dots.

The results of a two-sample one-tailed t-test
showed that English had fewer peaks per sentence
than Spanish (t(12) = -2.42, p = 0.02). To further test
these differences, a linear mixed effects model was
run in Stata [20]. The dependent variable was the
number of peaks per sentence, with group as the
categorical predictor and speaker as the random
intercept. Sentence was not included as a random
effect because there was not enough variability for the
model to converge. Results showed that group was a
significant predictor (β = 0.78, SE = 0.32, z = 2.42, p
=0.02), meaning that Spanish speakers had more
peaks per sentence than English speakers. These
results support the hypothesis that Spanish has
stronger macro-rhythm than English.
4. DISCUSSION
The results indicate that Spanish has stronger macrorhythm than English in peak frequency per word per
sentence. Specifically, the MacR_Freq index is a
useful measure for quantifying macro-rhythm. In the
mixed effects model, there was a significant
difference between Spanish and English based on the
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number of peaks. As expected, Spanish had higher
values overall, reflecting the greater number of
phonological low/high alternations than English and
contributing to the perception that Spanish has more
regular tonal alternations and therefore stronger
macro-rhythm.
In contrast, the MacR_Var index did not capture
the strength of macro-rhythm. The rationale behind
MacR_Var was to reflect the overall variation of the
distance interval and shape of f0 of each tonal unit
within a speaker. However, the differences in
variability were not enough to be significant across
language group. Similarly, comparing individual
measures such as rising slope and peak-peak distance
across language also did not yield significant results.
This suggests that quantifying overall variability may
not capture meaningful differences between slope
shape and timing information. This is perhaps
surprising for peak distance and valley distance,
which one might expect to differ if Spanish has more
low/high alternations and more regularly pitchaccented CWords than English. The lack of an effect
could be partially attributed to the small number of
subjects in the study. One might predict that there is
a correlation between the number of peaks and the
peak-to-peak distance in a sentence, where more
peaks would decrease the distance intervals between
them, and thus reduce the variability in distance.
Since the MacR_Var index did not consider the
number of peaks, this remains an open question for
future investigation.
There are a few potential confounds in this study.
First, it should be noted that the lack of an annotated
peak on many utterance-final CWords did not
necessarily mean that the CWord was unaccented. In
some cases, creakiness at the end of the utterance
made it impossible to extract the f0 information, even
if it was perceptually a H target or rise. Second, this
study compared monolingual English speakers to
bilingual Spanish speakers. Since most participants
are not perfectly balanced bilinguals, there is likely an
interaction of language. However, despite the
potential influence of English, the bilingual group’s
Spanish is still more macro-rhythmic than the English
group. Future work should compare monolingual
English and Spanish speaking groups.
Finally, future work should examine macrorhythm in other speech styles. The stimuli for the
current experiment were produced as read speech,
which may be more or less macro-rhythmic than other
styles such as spontaneous speech. One possibility is
to compare similar types of natural speech corpora of
English and Spanish to see if macro-rhythm changes
when the data are not controlled for syllable stress
placement and number of CWords per sentence.
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ABSTRACT
The way text (or lyrics) is assigned to musical notes
(or tunes) partly depends on native speakers’ intuition.
Earlier studies on English text-setting, as it is called,
used sung or chanted verses, and an algorithm or a set
of constraints was proposed to explain the intuition.
These attempts avoided vocal music because of its
complexity and idiosyncrasy.
This study examined twenty pieces of English
vocal music and tried to explain apparent exceptions
to text-setting rules, which predict a well-formed
matching of stressed syllables with musically strong
beats. The results showed that most of the apparent
exceptions are no longer exceptions if two kinds of
metrical shifts are introduced into the framework; one
is a leftward metrical shift proposed in the literature,
and the other is a rightward metrical shift, which is
dealt with in this work. This work also suggests the
need to introduce the idea of intonation phrases into
text-setting.
Keywords: English, stress, text-setting, intonation,
vocal music.
1. INTRODUCTION
Text-setting is another term of text-to-tune mapping
and is one aspect of speech-music interface. In
Western music tradition, the following relationship
holds for music with a time signature of 4/4 [8, 9]:
• Beat strength:
1st beat > 3rd beat > 2nd and 4th beats
1

2

3

4

Strong Weak Medium Weak

The Syllabic Distribution Algorithm (SDA) [3] is a
rule-based formalisation of the strong tendency of
‘stress-to-beat’ matching observed in English, which
refers to a grid notation such as that depicted in Figure
1 [1, 2, 3, 5]. The grid notation is a linguistic parallel
of a musical notation.
Figure 1: The grid notation used in text-setting.
whole note
half notes
quarter notes
eighth notes
sixteenth notes

ES:
S:
M: x
W: x x
EW:

x
x
x
x
x
x
x
x x x x x x x x

The rows of x depict a series of isochronic beats, and
the columns indicate the strength of individual beats.
‘ES’, ‘S’, ‘M’, ‘W’, and ‘EW’ stand for extra strong,
strong, medium, weak, and extra weak, respectively.
The SDA is summarised as follows [3]:
(a) Map stressed syllables one-to-one, left-to-right
onto S (Strong) positions;
After each iteration:
(b) Map stressless syllables one-to-one, right-to-left
onto the highest grid level able to accommodate
them.
Once (a) and (b) have applied as many times as they
can:
(c) Map any remaining stressless syllables one-to-one,
left-to-right onto the highest grid level able to
accommodate them.
2. BACKGROUND
This section deals with earlier studies on text-setting.
2.1. How the SDA works: Chants

Figure 2 shows a frequently cited example of English
text-setting: verses from ‘What Shall We Do with a
Drunken Sailor.’ There are ten syllables in verse (a),
and nine in verse (b). The solid lines indicate how
syllables are mapped onto the grid. The way of
mapping in (a) does not lead to well-formed mapping
in (b) because of a different arrangement of
stressed/stressless syllables in (a) and (b) [1, 2, 3]:
Figure 2: Grid notation and the two ways of text-tune
mapping.
Strong (S):
x
x
x
x
x
Medium (M): x
x
x
x
x
x
x x x
Weak (W): x x x x x x x x x x x x x x x x x x
a.
b.

What shall we do with a drunk-en sail*Stick on his backa mus-tard plas- er

or

The SDA rightly predicts (c) in Figure 3.
Figure 3: Grid notation and a well-formed mapping.
Strong (S):
x
x
x
x
x
Medium (M): x
x
x
x
x
x
x x x
Weak (W): x x x x x x x x x x x x x x x x x x

x
x
x
x
x
x
x x x x x x

c.
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Stick

on his back a mus- tard plas- ter

2.2. Constraints or ‘Metrical Well-Formedness Rules’

Another attempt to explain English text-setting was
carried out within the framework of Optimality
Theory [3] and a similar line of research. Several
constraints [3] or ‘Metrical Well-Formedness and
Preference Rules’ [2, 4] were proposed in the work.
The following are some of the constraints related to
this work:
(1) *LAPSE, *NULL IN S, *STRESSLESS IN S,
STRONG IS LONG
The last one summarises the characteristic that
‘rhythmically strong units tend to be long as well’ [3,
4].
2.3. Leftward metrical shift in a surface structure

Temperly [10] and Temperly and Temperly [11]
showed that the rules of text-setting are valid if
‘syncopation is viewed not simply as the accenting
weak beats, but some sort of deviation from an
underlying structure, where stressed syllables are
shifted over to the strong beats on which they belong’
[10, 11].
Their claim is illustrated in Figure 4 using the
actual score examined in this work. The solid lines
indicate alignments in a deep structure, whereas the
dotted lines indicate alignments in a surface structure.
Figure 4: Leftward metrical shift in a surface structure
(from # 2: Bette Davies Eyes).

Extra Strong (ES):
Strong (S):
x
Medium (M): x
x
Weak (W): x x x x x

x
x
x
x
x
x
x
x x x x x x x x

she’ll un- ease you all the

x
x
x x
x x x x
bet- ter

Temperly [10] proposed two levels of metrical
structure and stated that ‘in a deep structure, a syllable
is in its ‘correct’ position, but it is shifted one eighth
or sixteenth beat to the left in a surface structure’.
3. METHOD
The scores examined in this work are from The
Billboard® HOT 100: 50th Anniversary Songbook, a
compilation of 50 chart-topping songs of the last five
decades [6]. There are 42 scores with a time signature
of 4/4, and the first 20 of them were the objects of
analysis here. The reason scores with 4/4 were chosen
is that the SDA is concerned with music with four
beats, the so-called common time, in which ‘the first
and third beats are the strongest and usually receive
an accented word from the lyrics; the second and
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fourth beats are weak, usually receiving an
unaccented word’[7]. In music with a time signature
of 3/4, only the first beat is strong, and interesting
interactions of strong/weak beats and stressed/
unstressed syllables are rare to observe.
3.1. Data

The following criterion were set to examine the
scores. The first verse and the first chorus were the
objects of analysis. When a song had a sung part and
a rap, only the former was included as data because
the rap part consisted of notes of the same length (the
sixteenth note) throughout (e.g. #14), or no notes
were given in the score (e.g. #12).
Table 1 contains a list of titles and the number of
bars examined in each score. The number of beat
positions examined in each title does not necessarily
coincide with the four times (i.e. four beat positions,
strong and weak, in each bar) the number of bars. This
is because the rests in beat positions were excluded
from the counts.
Table 1: List of song titles and number of bars
examined.
Title
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20

Aquarius/ Let the Sunshine in
Bette Davis Eyes
Flashdance … What a Feeling
Big Girls Don’t Cry
Billie Jean
Centerfold
Dilemma
Endless Love
Every Breath You Take
I Do it for You
Eye of the Tiger
Family Affair
Gold Digger
Gangsta’s Paradise
Hot Stuff
How Do I Live
How Deep Is Your Love
How You Remind Me
I Will Always Love You

I Just Want to Be Your Everything

Total

Number
of bars

63
28
40
37
37
18
22
30
41
38
25
8
15
13
21
20
25
18
26
29
554

Number of
beat
positions

241
80
122
124
92
60
62
88
121
112
77
27
37
45
69
70
85
55
74
77
1718

3.2. Beat positions examined

It has been pointed out that ‘the stress-to-strong
principle ignores the assignment of unaccented
syllables, which may appear in either strong or weak
musical positions’ [2]. To give an example from our
data (# 1), the preposition ‘with’ (boxed in the score
below), which is usually unstressed, is mapped onto
the strong (first) beat:

(2)

The curved line linking the two notes on which the
lyric with is mapped is called a ‘slur’, and it ‘links two
different notes’ [9]. At the same time, the three notes
on which -ter in Jupiter is mapped in (2) are all the
same pitch; this is called a ‘tie’ and ‘joins two notes
of the same pitch to produce one extended sound’ [9].
Following the music literature, tied notes were treated
as one long note in this work.
The ‘stress-to-strong principle’ does not deny
matching of a stressless syllable to musically strong
beat [2]. Accordingly, cases where stressed syllables
in the lyrics failed to fall in musically strong positions
were examined in this study. There were four types of
possible situations where this could happen:

There were 19 examples of misalignments in #1.
Among them, 16 examples (Nos. 1, 2, 3, 4, 6, 7, 8, 10,
11, 12, 13, 15, 16, 17, 18, and 19) were all preceded
by the 8th note in either the first or the third beat
positions (they are shadowed in Table 2). This is the
leftward shift mentioned in 2.3. above. If two levels
of structure, deep and surface, are postulated, they are
no longer exceptions to ‘the stress-to-strong
principle’.
Discussion of the remaining three examples (Nos.
5, 9, and 14) and similar cases will be conducted in
Section 5 below. The apparent exceptions to the SDA
total 353. The breakdown is shown in Table 3:
Table 3: Apparent exceptions to the SDA.
(i)
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20

(3) Stressed syllables fail to fall on the strong beats.
That is,
(i) Stressed syllables fail to fall on the first beat.
(ii) Stressed syllables fail to fall on the third beat.
Stressed syllables fall on the weak beats. That is,
(iii) Stressed syllables fall on the second beat.
(iv) Stressed syllables fall on the fourth beat.
4. RESULTS
Each bar (total = 554 bars) was examined to
determine how stressed syllables are aligned with the
above-mentioned four beat positions. As an example,
the results of the examination of the first score are
shown here:
Table 2: Results of text-setting in #1.
Part of lyrics
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19

sev(enth)
house
Mars
stars
This
dawn(ing)
(under)stand(ing)
(a)bound(ing)
false(hoods)
(de)ri(sions)
dreams
(reve)la(tion)
mind’s
true
(liber)a(tion)
sun(shine)
sun(shine)
sun(shine)
sun(shine)

(i)
First
✔
✔
✔

(iii)
(ii)
Position of beat
Second
Third

(iv)
Fourth

✔

Total

First
13
14
9
9
11
0
1
1
2
1
4
0
3
0
10
2
16
5
0
3
104

(iii)
(ii)
Position of beat
Second
Third
3
3
6
2
1
2
3
11
4
9
4
3
0
16
0
5
13
8
2
0
6
9
5
1
0
0
8
4
1
2
4
4
0
5
8
5
1
0
16
7
85
96

(iv)
Fourth
0
1
9
6
1
4
0
0
1
10
4
6
2
4
4
3
3
7
1
2
68

Total
19
23
21
29
25
11
17
6
24
13
23
12
5
16
17
13
24
25
2
28
353

There were some cases where notes fell on 0.5 after
either beat position (that is, 1.5, 2.5, 3.5, or 4.5 beat).
To cite an example from #3, the lyric hear starts on
0.5 beat after the third, that is on 3.5 beat:
(4)

✔
✔

✔
✔
✔

✔
✔

✔
✔
✔

Such examples were not included in the total.
Another example from #5 will make the criterion
of my classification clear; the lyrics mean and dance
boxed in (5) start on 0.5 beat after the 1st and 0.5 beat
after the 4th, respectively. Accordingly, they start on
1.5 beat and 4.5 beat. Such examples were not
included in the above count.

✔

✔
✔
✔
✔
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(5)

1.5

4.5

Among the 353 examples, 230 were preceded by an
8th or 16th note, as shown in Figure 4. The
breakdown of the examples is as follows:
Table 4: The distribution of beat positions where notes
are preceded by 8th or 16th notes.
(i)
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20

Total

First
13
14
9
9
11
0
1
1
2
1
4
0
3
0
10
2
16
5
0
3
104

(iii)
(ii)
Position of beat
Second
Third
0
3
0
2
0
2
1
11
3
9
1
3
0
16
0
5
1
8
0
0
0
9
2
1
0
0
4
4
0
2
1
4
0
5
0
5
0
0
1
7
14
96

(iv)
Fourth
0
0
0
2
0
1
0
0
0
0
2
6
0
4
0
0
0
1
0
0
16

Total
16
16
11
23
23
5
17
6
11
1
15
9
3
12
12
7
21
11
0
11
230

(6) || silent tears || full of pride || (from # 3)
12 34 1 2 34
(where ‘||’ means a bar in a score)
(7) silent || tears full of || pride …
4
1234
1
The word that is a nucleus (tears in this case) appears
in the strongest position, that is, immediately after a
bar. This work calls such a shift a ‘rightward’ metrical
shift. If the idea of intonation phrases is introduced
into text-setting, 45 examples will no longer be
exceptions to the SDA.
Table 6: Total number of examples of shifted mapping.

leftward metrical shift
rightward metrical shift
Total

5. DISCUSSION AND CONCLUSIONS
The number of scores examined was twenty and that
of beat positions was 1,718. The number of apparent
exceptions to the SDA, or misalignment, was 486.
Among them, 133 examples were of cases where a
stressed syllable fell on 0.5 after either beat (see (4)
and (5) above), and these were excluded from the
count. Therefore, 353 (= 486−133) beat positions
were the object of analysis. Among them, 230, that is
65.2%, were explained as a result of leftward metrical
shift in a surface structure. The breakdown is shown
in Table 5.
Table 5: The ratio of left metrical shift.
(i)
N
%

First
104
100

(iii)
(ii)
Position of beat
Second
Third
14
96
16.5
100

(iv)
Fourth
16
23.5

exceptions to the SDA. Furthermore, the notes were
given an extra duration by preceding the 8th or 16
notes. The first and third beat positions were strong
or medium strong, and this is a good reflection of one
of the constraints in (1): STRONG IS LONG.
Another example of apparent exceptions to the
SDA should be explained if the idea of intonation
phrases is introduced in text-setting. For example, (6)
is a prediction of the SDA. However, the actual score
shows a mapping like (7). In a phrase consisting of an
adjective + a noun (e.g. silent tears), a noun, which is
the last content word in a phrase, usually receives
more prominence than the preceding adjective, but
this fact is not reflected in the SDA. When a noun is
aligned with the first beat as in (7), the preceding
adjective ‘silent’ is to be submitted to a weaker
position than the noun.

Total
230
65.2

It is worth noting that 100% of the first and the third
beat positions were explained by postulating two
levels of metrical structure, and they are no longer
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230
45
275

65.2 %
12.7 %
77.9 %

The two kinds of metrical shifts explain 77.9% of the
apparent exceptions to the SDA. Thus, the real
number of exceptions amounts to 78 (= 353−275).
Mapping of stressed syllables with the second and the
fourth beats is not distributed evenly in the 20 pieces
of vocal music examined. Some songs prefer this type
of mapping, whereas others never use it. Further
study will be needed to decide whether this can be
attributed to ‘backbeat’, which emphasises beats two
and four in some styles of music, especially in rock
music [8].
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ABSTRACT
In this paper, we report findings of a major difference
between Mandarin and English in terms of means of
marking major prosodic boundaries. We performed
detailed duration analysis on two large corpora, one
in each language, using pre-labelled break indices as
a reference indicator of boundary strength. Results
showed that pre-boundary syllable duration stops
increasing beyond break level 2 in Mandarin, but
continues to increase in English. Meanwhile, the
duration of silent pause significantly increases
beyond break level 2 in Mandarin, as if to compensate
for the lack of continuous syllable lengthening, while
the increase in English is much less significant.
Despite the robust difference, therefore, crossboundary temporal distance, consisting of durations
of both final syllable and silent pause, seems to be a
common marker of boundary strength in both
languages.
Keywords: Boundary, duration, final lengthening,
silence, temporal distance.
1. INTRODUCTION
An important function of prosody is to provide cues
for breaking up continuous speech into smaller
chunks for ease of auditory comprehension. Of the
variety of cues that have been reported, two are of
particular importance, namely, pre-boundary
lengthening and silent pause [4, 19]. Pre-boundary
lengthening refers to the phenomenon that syllables
and their component segments before a prosodic
boundary are longer than they would be in other
contexts [4, 9, 14, 20]. Also, the amount of preboundary lengthening is related to the strength of the
boundary: the greater the strength, the longer the
duration [9, 20]. Silent pause, the second important
boundary cue, is often associated with a strong
boundary [3, 10, 16]. It is not yet clear, however, how
exactly these two kinds of cues are distributed across
boundaries of different strengths.
Boundary strength is often represented by break
index based on the ToBI annotation system [15]. In
this system, break level 0 refers to syllable boundaries
within word; level 1 refers to normal word boundary
(or most phrase-medial word boundaries); break level
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2 refers to a lower-level perceived grouping of words
that does not have an intonational boundary marker;
and break levels 3 and 4 are largely defined by
intonational phrasing, referring to intermediate
phrase and full intonation phrase, respectively [1].
For Mandarin, a slightly different break index
system, namely, C-ToBI, is widely used [7]. In CToBI, break level 0 indicates the minimum break
between syllables, usually within a prosodic word;
level 1 indicates prosodic word boundary; level 2
refers to minor prosodic phrase boundary; level 3
refers to major prosodic phrase boundary; and level 4
refers to prosodic group boundary [7]. A major
difference of C-ToBI from ToBI is therefore the lack
of reference to pitch accents and boundary tones as
determiners of break index levels.
There has been limited research on the
relationship between boundary strength and the two
kinds of temporal cues, especially for high-level
boundaries. For English, [17] showed significantly
different amounts of pre-boundary lengthening
between all four levels of boundary strength: prosodic
word, a group of words within a larger unit,
intermediate phrase, and intonational phrase. But for
Mandarin, [6, 21] showed no significant difference in
pre-boundary lengthening between minor prosodic
phrase and major prosodic phrase boundary. This
raises the question of whether there is a difference
between the two languages in terms of pre-boundary
lengthening. There is even less research on the
relationship between silent pause and boundary
strength. For Mandarin, it is found that normally there
is no silent pause after prosodic word, but silence
duration increases with the break level beyond
prosodic word [12, 18, 21]. This seems to suggest a
trading relation between pre-boundary lengthening
and silent pause for larger boundaries in Mandarin.
No similar finding is made about English, although
there have been suggestions that cues of lengthening
and pausing may counterbalance each other [5, 13].
The present study is a preliminary corpus analysis
aimed at examining the relationship between
boundary strength and pre-boundary lengthening and
silent pause in English and Mandarin. We are
particularly interested in finding out if the
distributions of the two types of cues across different
boundary strengths are similar between the two
languages.

2.1. Corpus

2.1.1. English Corpus
For English, the Boston University Radio News
Corpus [11] was used. It consists of news stories
recorded by 3 female and 4 male FM radio news
announcers. It had been annotated previously with
orthographic transcriptions, phonetic alignments,
part-of-speech tags and prosodic labels [11]. Only
two levels of stress were distinguished: stressed and
unstressed. The phonetic alignments were generated
automatically [2]. Annotation for the news recorded
in a lab was previously hand-corrected, while those
recorded during actual broadcasts were not. The
prosodic labels are previously marked by hand based
on ToBI, and are available only for a subset of the
corpus. 369 sentences which have both prosodic
labels and syllable information were analysed in this
study.
2.1.1. Mandarin Corpus
The Mandarin data were from Annotated Speech
Corpus of Mandarin Discourse (ASCCD). There are
18 discourse structures, each containing 300-500
syllables and several paragraphs. 5 male and 5 female
Beijing speakers who speak standard Mandarin read
aloud the discourses naturally [8]. Four layers,
including syllable tier, initial and final tier, break
index tier and stress tier, were labelled previously [8].
Break indices were labeled previously based on CToBI[8]. Syllables with Neutral tone were excluded
in the analysis.
2.2. Measurement

The measurements made were pre-boundary syllable
duration, silence duration, and their sum as temporal
distance.
3. RESULTS
3.1. Mandarin results

The mean duration patterns are shown in Figs. 1-3.
Fig. 1 shows that pre-boundary syllable duration
ceases to lengthen beyond break level 2. In contrast,
as shown in Fig. 2, temporal distance, which
combines silent pause and pre-boundary duration,
continues to increase beyond break level 2 for both
monosyllabic and polysyllabic words.
A two-way repeated measures ANOVA was
conducted, with the number of syllables (1 or more)
in pre-boundary words and break index (1, 2, 3 and 4)
as fixed factors, pre-boundary syllable duration as the
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dependent variable, and subjects as replication factor.
The results showed a main effect of the number of
syllables: F (1, 9) = 70.700, p < 0.001, partial η2
= .887, and a main effect of break index, F (3, 27) =
40.139, p < 0.001, partial η2 = .817. There was no
interaction between the number of syllables and break
index.
Bonferroni post-hoc analyses revealed that preboundary syllable before break 1 (M = 0.197, SD =
0.005) was significantly shorter than that before other
breaks (break 2, M = 0.253, SD = 0.11, break 3, M =
0.261, SD = 0.008, break 4, M = 0.251, SD = 0.007).
However, the other break levels do not differ from
each other on pre-boundary syllable duration.
Figure 1: Pre-boundary syllable duration as a
function of break index in Mandarin.
0.4
Mono
Poly

Duration (s)

2. METHODOLOGY

0.3

0.2

0.1

B1

B2

B3

B4

Break index

A two-way repeated measures ANOVA was
conducted with the number of syllables in preboundary words (1 or more) and break index as fixed
factors, temporal distance as the dependent variable,
and subjects as replication factor. The results showed
a main effect of the number of syllables, F (1, 9) =
43.661, p < 0.001, partial η2 = .829, and a main effect
of break index, F (1.157, 10.409) = 86.737, p < 0.001,
partial η2 = .906.
Bonferroni post-hoc analyses showed significant
difference in each pairwise comparison between
temporal distance at break 1 (M = 0.201, SD = 0.005),
break 2 (M = 0.309, SD = 0.016), break 3 (M = 0.686,
SD = 0.035) and break 4 (M = 0.912, SD = 0.070),
p < 0.01.
There is an interaction between number of
syllables and break index, F (1.486, 13.370) = 10.393,
p < 0.005, partial η2 = .536. A follow-up PairedSamples t-Test showed that all paired samples are
significantly different, p < 0.05. The effect of break
index was more pronounced in syllables from
monosyllabic words than polysyllabic words as break
index increased.

Figure 2: Temporal distance as a function of break
index in Mandarin.

significant effects of break index on both preboundary syllable duration and temporal distance.
Bonferroni post-hoc analyses revealed that each
pairwise comparison was significant, p < 0.05.

1.1
Mono
Poly

0.9

Table 1: Results of repeated measures ANOVAs on
the effect of break index on pre-boundary syllable
duration and temporal distance.

Duration (s)

0.7
0.5

Pre-boundary syllable
duration
F (3, 15) = 72.937, p <
0.001.B1 ( 0.160), B2
(0.223), B3 (0.297),
B4 (0.350)

0.3
0.1
B1

B2

B3

B4

Break index

Mono*pre-boundary
syllable duration

0.7

Pre-boundary
syllable duration
Temporal distance

0.4

Mono*temporal
distance

Duration (s)

Duration (s)

0.5

Poly*pre-boundary
syllable duration

0.9

F (1.108, 5.540) =
38.903, p < 0.01. B1
(0.162), B2 (0.232), B3
(0.301) , B4 (0.444)

Figure 4: Pre-boundary syllable duration and
temporal distance over break index after
monosyllabic words in English.

Figure 3: Pre-boundary syllable duration and
temporal distance over break index in Mandarin.
1.1

Temporal distance

Poly*temporal
distance
0.5

0.3

0.2
0.3
0.1
B1
0.1
B1

B2

B3

B2

B3

B4

Break index

B4

Break Index

3.2.2. Polysyllabic Words

3.2. English results

In English, stress is an important factor for syllable
duration. Since polysyllabic words have stressed and
unstressed syllables, we report results from
monosyllabic words and polysyllabic words
separately.
3.2.1. Monosyllabic Words
Fig. 4 shows that pre-boundary syllable duration
increases gradually over break levels. It also shows
that temporal distance has a similar trend and is
largely overlapped with pre-boundary syllable
duration except for break level 4.
Repeated-measures ANOVAs on pre-boundary
syllable duration and temporal distance were
conducted, with break level as a fixed factor and
subjects as a replication factor. The results showed
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Fig. 5 shows that pre-boundary stressed and
unstressed syllable duration increases gradually over
break index. Also, temporal distance has a similar
trend and is largely overlapped with pre-boundary
syllable duration except for break level 4.
Repeated-measures ANOVAs on pre-boundary
syllable duration and temporal distance were
conducted with stress (stressed and unstressed) and
break index as fixed factors and subjects as
replication factor. The results indicated a main effect
of stress and a main effect of break index on both preboundary syllable duration and temporal distance.
There was no interaction between the two factors.
Bonferroni post-hoc analyses showed that each
pairwise difference was significant, p < 0.05.

Table 2: Results of repeated measures ANOVAs on
the effect of break index and stress on pre-boundary
syllable duration and temporal distance in English.

Break
index

Stress

Pre-boundary
syllable duration

Temporal
distance

F (3, 15) =90.651,
p < 0.001.
B1 (0.195),
B2 (0.221),
B3 (0.253),
B4 (0.299)

F (1.117, 5.587) =
58.528, p < 0.001.
B1(0.199),
B2(0.223),
B3(0.258),
B4(0.403)

F (1, 5) = 303.664,
p < 0.001

F(1, 5)=1309.778,
p < 0.001

These results cannot be attributed to speaker
differences between the two corpora. Previous
research with professional radio broadcaster in
Mandarin also showed no significant difference in
pre-boundary lengthening between minor prosodic
phrase boundaries and major prosodic phrase
boundaries [6, 21].
Figure 6: Pre-boundary syllable duration in English
and Mandarin as a function of break index.
0.4

Duration (s)

Figure 5: Pre-boundary syllable duration and
temporal distance over break index after
polysyllabic words in English.
Stressed*pre-boundary
syllable duration

0.5

Unstressed*preboundary syllable
duration
Stressed*temporal
distance

Durations (s)

0.4

B3

B2

B3

B4

Break index

0.1
B2

0.2

B1

0.2

B1

0.3

0.1

Unstressed*temporal
distance

0.3

M*mono
M*poly
E*mono
E*stressed
E*unstressed

B4

Break index

4. DISCUSSION
To highlight the main finding of the study, Figure 6
plots pre-boundary syllable duration in both
Mandarin and English. As can be seen, in English preboundary syllable duration increases continuously
with break index, whereas in Mandarin the duration
increase stops beyond break 2. This is consistent with
previous reports for Mandarin [6, 21] and English
[17], respectively. But this is the first time that the
difference between the two languages is clearly
demonstrated. Also show for the first time is that
duration of silent pause significantly increases
beyond break level 2 in Mandarin, as if to compensate
for the lack of continuous syllable lengthening, while
the increase in English is less significant.
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A potential confound when comparing the two
languages is the different criteria used in the labelling
of the break indices between ToBI and C-ToBI. As
mentioned in the introduction, the determination of
break index in English depends heavily on intonation
annotation [1]. Critically, break 3 is obligatory
whenever a phrase accent is present, which by
definition marks the end of an intermediate phrase
even if there is no silent pause. The virtual overlap of
temporal distance with break 3 in Fig. 5 shows that,
indeed, little silence accompanied this break level.
However, despite the lack of silence at break 3 in the
English corpus, significant pre-boundary lengthening
was found. This indicates that English syllables are
much more flexible than Mandarin in terms of
lengthening beyond break 2. On the other hand,
despite the robust difference, cross-boundary
temporal distance, consisting of durations of both preboundary syllable and silent pause, seems to be a
common marker of boundary strength in both
languages.
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ABSTRACT
Appropriate acoustic cues to predict and discriminate
singleton and geminate consonants in Japanese were
identified by analyzing the durations of the
consonants and their anteroposterior segments.
Twelve minimal pairs of words with singleton and
geminate of /k/ and /s/ in a carrier sentence were
pronounced by 20 native Japanese speakers at various
speaking rates. Regression and discriminant analyses
revealed that logarithmic duration was better than raw
duration to predict and discriminate the distributions
of singleton and geminate consonants. The best
acoustic cues were a combination of the logarithmic
durations of closure and frication of singleton and
geminate consonants, and the logarithmic average
duration of morae in the preceding phrase. It is
suggested that speech planning of singleton and
geminate consonants is based on their logarithmic
durations and the speaking rate associated with the
mora unit.
Keywords: geminate, speaking rate, logarithmic
duration, regression analysis, discriminant analysis.
1. INTRODUCTION
Japanese geminate consonants consist of voiceless
obstruents, and they have long segment duration.
Geminate consonants are phonologically represented
as /Q/: e.g. sakka “novelist” /saQka/ [sakːa], setchi
“installation” /seQti/ [setːɕi] and kassai “applause”
/kaQsai/ [kasːai]. The main acoustic cue to
distinguish a geminate consonant from a singleton
consonant is either the closure duration for a plosive
and affricate or the frication duration for a fricative.
These durations covariate with speaking rate. That is,
the duration is long for a low speaking rate and short
for a high speaking rate [5, 6].
To convert the rate-covariated duration into an
invariant cue for singleton and geminate consonants,
previous studies have used various segment durations
as a secondary cue. Examples of these secondary cues
are the preceding vowel duration [5, 7], preceding
mora duration [6], following vowel duration [3, 7],
duration of a subword ranging from the start of the
preceding consonant to the end of the following
vowel [1], and duration of successive vowels ranging
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from the start of the preceding vowel to the end of the
following vowel [2]. These secondary cues were used
as a denominator of ratio [4] or as a variable of a
linear function [1, 2].
However, it is not clear which of these is the most
appropriate secondary cue. In addition, the previous
studies used only raw duration for the main and
secondary cues and did not examine the suitability of
these cues of logarithmic duration. Hence, this study
examined the raw and logarithmic durations to
identify the most appropriate secondary cue for the
prediction and discrimination of singleton and
geminate consonants at various speaking rates.
2. RECORDINGS
2.1. Speakers

Twenty native Japanese speakers (9 males and 11
females) participated in the recordings. Their average
age was 22.8 years (Min. = 18, Max. = 34, SD = 3.6).
They spoke standard Japanese and were from the
Tokyo metropolitan area and its suburbs.
2.2. Test words

Twelve minimal pairs of Japanese onomatopoeias
(Table 1) were used as test words. The minimal pairs

Table 1: Test words: pairs of Japanese
onomatopoeias contrasting underlined singleton
and geminate consonants.
Singleton

Geminate

kusukusu
pukupuku
sukusuku
kusakusa
pukapuka
sukasuka
kasukasu
pakupaku
sakusaku
kasakasa
pakapaka
sekaseka

kussukusu
pukkupuku
sukkusuku
kussakusa
pukkapuka
sukkasuka
kassukasu
pakkupaku
sakkusaku
kassakasa
pakkapaka
sekkaseka

contrast singleton and geminate consonants (/k/ or /s/)
following the first mora, however, other phonemes in
a word are identical. The test word was embedded in
a carrier sentence /korewa _ desu/ ("This is _") in the
recordings.
2.3. Procedure

Recordings were conducted in a soundproof room at
Waseda University. Using a personal computer
(Panasonic, Let's Note CR-RZ4; or Sony, VAIO,
PRO13), a carrier sentence with a test word in
Hiragana characters was presented at the top of a
liquid crystal display (Sony, LMD-1530W), and a
silent video of a digital quartz metronome (Seiko,
SQ200) was presented at the center of the display.
Each speaker was asked to pronounce the
presented sentences at different speaking rates (Table
2). The speaking rates were indicated by the silent
video of the metronome equipped with lined LED
lights that flashed from side to side. The speaker
synchronized the start of each sentence with the flash
of the endpoint light on one side of the LED line (it
can be the left or the right side to start) and the end of
the sentence with the flash of the endpoint light on the
other side of the line. Each sentence was pronounced
in one breath without a pause. The test word
embedded in the sentence was pronounced with no
accent (i.e., low-high-high-high for singleton and
low-high-high-high-high for geminate). The speakers
pronounced each sentence at each speaking rate at
least three times. Sometimes speakers did not
pronounce a sentence at the correct speaking rate, so
they repeated those sentences until they produced
three attempts at the correct speaking rate. The order
of the speaking rates and test words were
counterbalanced
between
speakers.
The
pronunciation was digitally recorded with a
microphone (SONY, F-780) and a digital recorder
(ZOOM, R8) in a 16-bit quantization and 48-kHz
sampling frequency.
3. ANALYSIS
3.1. Data selection and preparation

The middle item of the three recordings with a correct
speaking rate was selected. Some of the speakers
devoiced some /u/ in some test words. These test
words were not used for the analysis. In the test words
without devoiced vowels, there were 881 items of
geminate /k/, 448 of geminate /s/, 661 of singleton /k/,
and 326 of singleton /s/. Professional labelers used a
waveform and spectrogram to mark the start and end
times of each phoneme segment in each sentence item.
Durations of the closure and frication of singleton and
geminate consonants were obtained using these
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Table 2: Beats per minute (BPM) set by an
electric metronome. Speaking rate was
calculated with BPM and the number of
morae in a carrier sentence.
Singleton

Geminate

Beats per
minute
(BPM)

Speaking
rate
(mora/s)

Beats per
minute
(BPM)

101
81
64
51
40
32

15.2
12.2
9.6
7.7
6.0
4.8

91
73
57
46
36
29

Speaking
rate
(mora/s)
15.2
12.2
9.5
7.7
6.0
4.8

timings. The duration was also obtained for the
preceding vowel, following vowel, and preceding
mora of the respective single and geminate
consonants. The duration of successive vowels was
obtained as the time span from the start of the
preceding vowel to the end of the following vowel.
The duration of a subword was obtained as the time
span from the start of the preceding consonant to the
end of the following vowel. The closure part of the
preceding consonant was not included in the subword.
The average mora duration in the phrase (/korewa/)
preceding the test word was also obtained. These raw
durations and their logarithmic-converted durations
were used in the following analyses.
3.2. Regression analysis

Regression analyses for singleton and geminate
consonants were separately conducted for /k/ and /s/.
The dependent variable was the raw closure or
frication duration. The independent variables were
the raw average mora duration in the preceding
phrase, the raw successive vowel duration, the raw
subword duration, the raw preceding mora duration,
the raw preceding vowel duration, and the raw
following vowel duration. Regression analyses were
also conducted with logarithmic-converted value of
these raw durations. Figures 1 and 2 show coefficient
of determination (R2) for /k/ and /s/, respectively. In
almost all cases, R2 was larger with logarithmic
durations than raw durations. This result indicates
that logarithmic durations predict singleton and
geminate distributions better than raw durations. Also,
durations of subword and successive vowels could
predict the distributions at least as well as average
mora duration.

Figure 1: Coefficient of determination (R2) for
singleton and geminate /k/.

Figure 3: Discriminant error (%) of singleton and
geminate /k/.

Figure 2: Coefficient of determination (R2) for
singleton and geminate /s/

Figure 4: Discriminant error (%) of singleton and
geminate /s/.

3.3. Discriminant analysis

Discriminant analyses of singleton and geminate
consonants were separately conducted for /k/ and /s/.
The dependent variable was a label of singleton and
geminate consonants. The independent variables
were a pair of the raw closure or frication duration
and one of the following durations: the raw average
mora duration in the preceding phrase, the raw
successive vowel duration, the raw subword duration,
the raw preceding mora duration, the raw preceding
vowel duration, and the raw following vowel duration.
Discriminant analyses were also conducted with
logarithmic-converted value of these raw durations.
Figures 3 and 4 show discriminant errors for /k/
and /s/, respectively. For /k/, significant difference
occurred between the logarithmic and raw preceding
vowel durations (z = 4.971, p < .001, two-tailed), the
logarithmic and raw preceding mora durations (z =
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5.461, p < .001, two-tailed), and the logarithmic and
raw subword durations (z = 2.547, p < .05, two-tailed).
For /s/, significant difference occurred between the
logarithmic and raw preceding mora durations (z =
2.681, p < .01, two-tailed). Although other
logarithmic and raw durations did not differ
significantly, the discriminant error tended to be
smaller for the logarithmic duration than the raw
duration for almost all cases for both /k/ and /s/. The
smallest discriminant error occurred with logarithmic
average mora durations for /k/ and /s/. They differed
significantly from every other logarithmic or raw
duration (p < .01, two-tailed). Average mora duration
produced the least discriminant error, followed by the
durations of following vowel, subword and
successive vowels.
Regression and discriminant analyses were
conducted using combined data of /k/ and /s/. Figure
5 shows the distribution of singleton and geminate
consonants on a coordinate plane of logarithmic

Figure 5: Scattergram of singleton and geminate
consonants (/k/ and /s/). The break line represents a
discriminant equation [8.246 log(y) - 7.592 log(x) +
1.352 = 0], the solid line represents a regression
equation for geminate consonants [log(y) = 0.982
log(x) + 0.787], and the dotted line represents a
regression equation for singleton consonants [log(y)
= 0.783 log(x) - 0.527], where y is closure/frication
duration, and x is average mora duration.

average
mora
duration
and
logarithmic
closure/frication duration. With the two logarithmic
durations, the singleton and geminate consonants
were well separated with a very small discriminant
error (3.3%). Regression analyses well predicted the
distribution of geminate consonants (R2 = .857) and
singleton consonants (R2 = .562), but some deviance
was observed for singleton consonants in the high
speaking rates (i.e., short average mora durations).
These results indicate that logarithmic average mora
duration combined with either logarithmic closure or
frication duration are the best acoustic cues to predict
and discriminate singleton and geminate consonants.
4. DISCUSSION
The results of regression and discriminant analyses
indicate that logarithmic duration is better than raw
duration to predict and discriminate singleton and
geminate consonants in a wide range of speaking
rates. Human sound perception such as loudness or
pitch is often related to logarithmic values of physical
quantities such as intensity or frequency. Speech
perception is also probably related to logarithmic
values of physical quantities in a speech waveform.
With regard to singleton and geminate consonants,
speech perception would follow the logarithmic value
of duration. Because speech perception and
production are closely related [1], it is probable that
speech production of singleton and geminate
consonants is also based on the logarithmic value of
duration. This notion is supported by the results of
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this study, at least for Japanese. However, the
universality of this notion still needs to be confirmed
by conducting similar studies on other languages.
This study revealed for the first time that
logarithmic duration is better than raw duration at
predicting and discriminating singleton and geminate
consonants in Japanese. Previous studies [1-7] had
focused only on raw duration and did not consider
logarithmic duration, probably because raw duration
exhibits passable performance for prediction and
discrimination as shown by the results of this study.
However, the results of the previous studies should be
re-examined using logarithmic duration.
The results of this study indicate that logarithmic
average mora duration in combination with
logarithmic closure or fricative duration can predict
and discriminate singleton and geminate consonants
well. It suggests that speech planning depends on the
mora unit to control the durational features of
singleton and geminate in Japanese. In other words,
the speaking rate is planned using the mora unit, and
based on this speaking rate, the closure or frication
duration is determined for singleton and geminate
consonants. Therefore, our current results support the
notion that the mora is the processing unit of the
Japanese language [8].
A word item can be pronounced without a
preceding phrase. In such a case, the average mora
duration in the preceding phrase would not be
available. However, as shown in Figures 1-4, overall
the durations of subwords or successive vowels have
approximately equal predictive and discriminatory
performance to the average mora duration. So, it is
likely that one of these durations is an appropriate
acoustic cue that could be used for speech planning
when a preceding phrase does not exist.
This study used only the plosive /k/ and the
fricative /s/ for contrasting singleton and geminate
consonants. However, affricates should also be
examined in a future study. Devoicing, which was not
treated in this study, is another factor that should be
examined because the devoicing of vowels affects the
durations of singleton and geminate consonants and
their anteroposterior speech segments. Therefore,
other new acoustic cues may be necessary for
devoicing items. However, even if that is the case,
logarithmic closure or fricative duration and average
duration of the mora unit may be effective in the
prediction and distinction of singleton and geminate
consonants.
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ABSTRACT

to increase with age [20]. These findings can be observed in Mandarin tone recognition, where elderly
listeners were reported to have shallower slope in
identifying the tones, smaller peaks in the discrimination task, and higher threshold for pitch contour
discrimination [30].
While Japanese does not have tones like Mandarin, it is a pitch-accent language, where pitch accent is realised by a sharp fundamental frequency
(f0) drop in the accented word to the following
particle, with the obvious primary cue being pitch
[4, 28, 18, 29]. Previous studies have tried to examine whether or not secondary cues such as duration and intensity exist for Japanese pitch accent,
with no conclusive agreement. Literature in general
agrees that duration does not correlate with accent,
but some studies have found a weak link to intensity
[4, 7, 31]. Using minimal pairs of pitch accent without f0 information, Sugiyama [29] found listeners
were able to differentiate between the minimal pairs
at a rate better than chance. With evidence of elderly Mandarin listeners finding differences in tones
to be difficult to perceive, elderly Japanese listeners
may also have trouble deciphering pitch cues, especially if they have deficits in frequency discrimination. The current study has two objectives: 1. to
examine how elderly listeners perceive pitch accent
and how it relates to their frequency discrimination
abilities; and 2. to find out whether listeners with
poorer pitch processing abilities are able to differentiate between accented and unaccented words using
potential secondary cues.

Hearing typically changes with age, affecting how
listeners perceive speech, in particular, subtle cues
that exist in languages. Japanese is a pitch-accent
language with minimal pairs realised by their pitch
contours, requiring listeners to pick up on such cues
in pitch primarily. In the current study, we measured
a group of near-normal hearing Tokyo born elderly
listeners for their difference limens for frequency
(DLF) and their ability to identify two pitch accent
pairs hana "flower/nose" and sita "down/tongue"
with 10-step continua. We found elderly listeners
with better DLF to distinguish between the pairs,
producing clearer results for the hana pair. The elderly listeners with poorer DLF were not able to separate between the accented and unaccented stimuli
for either pair. This suggests that despite their similar near-normal hearing thresholds, elderly listeners differ in how they perceive pitch accent pairs depending on their ability to discriminate pure tones.
Keywords: pitch accent, speech perception, ageing,
difference limens, hearing impairment
1. INTRODUCTION
As hearing declines with age, it often leads to difficulty in understanding speech. Nonetheless, previous studies have found that as long as the speech
is audible and familiar, elderly listeners exhibit no
particular deficits in speech intelligibility [34]. Difficulty arises when elderly listeners have to listen
in adverse conditions, such as lower audibility, distorted speech signal including reverberant speech
[16, 24], background noise [9, 15], faster speech
rate [33], and talker’s foreign accent [1]. While
the degradation of the speech signal compromises
speech intelligibility for elderly listeners, suprathreshold deficits in temporal [11, 13] and spectral
processing [21] have also been found in the ageing population, affecting their ability to comprehend
speech. Moore and Peters found generally broadened auditory filters and reduced abilities to discriminate frequency in their normal hearing elderly listeners [21]. Moore has also found difference limens

2. METHODOLOGY
The participants were first tested for their hearing
abilities such as auditory threshold, auditory filter bandwidths and difference limens in pure tones.
This was followed by an identification test of two
sets of word pairs. Each word pair consists of two
10-step continua created from the accented original
word and the unaccented original word, with only
their pitch manipulated. The purpose of testing stimuli created from both original words was to investigate our second objective, whether or not secondary
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ried out with Praat [5] using the ‘To Manipulation’
function to create a Manipulation object and the
pitch contour was modified using the ‘PitchTier’ in
the ‘ManipulationEditor’. The sound files were synthesised by the ‘Publish resynthesis’ command. Altogether, there were 22 stimuli per word pair and the
resulting stimuli were visually and aurally checked
by the second author, a phonetically trained native
Japanese listener, to make sure that they sound natural and were easily differentiable.

cues, such as duration or intensity, were present and
perceivable, especially when some of the listeners
have poorer pitch processing abilities.
2.1. Participants

Twenty-one elderly Tokyo-born Japanese listeners
(female: 11) participated in the current study. Their
age ranged from 60 to 83 years old (M =72.1,
SD=6.1) and their pure tone audiometry (PTA: mean
of 500 Hz, 1k Hz and 2k Hz) was 15 dB HL
(SD=7.7). The participants were then separated into
two groups according to whether their DLFs results
were higher or lower than the median (0.73%) as
shown in Fig. 1. The DLFs of the two groups were
significantly different (t(9.5)=-3.8, p<0.01). The
two groups had a median of 0.58% and 1.25% respectively. As a reference, normal hearing subjects
were reported to have a mean DLF of 0.75% [23]
and 1.2% for hearing impaired elderly listeners [22].

2.3. Test procedure

The participants first completed an auditory threshold assessment for both ears at 250 Hz, 500 Hz, 1k
Hz, 2k Hz, and 4k Hz. Only the better ear was used
from then on. They were measured for their auditory
filter bandwidths at 500 Hz, 1k Hz, and 2k Hz using
the Rion HD-AF [25]. Finally, they carried out the
frequency discrimination test to measure their difference limens (DLFs) at 250 Hz, 500 Hz, 1k Hz and 2k
Hz followed by an identification test for the pitch accent pairs. The frequency discrimination test stimuli
were presented at 30 dB SL for each frequency, and
the speech stimuli were presented at 30 dB above
their PTA at 500 Hz, 1k Hz and 2k Hz. Their cognitive level was confirmed in the form of a trail making
test (TMT), which was reported to predict speech
processing for elderly listeners [10, 12]. The participants carried out the test in a sound-treated room,
where they listened to the stimuli over headphones
(Sennheiser, HDA200) via a digital audio interface
(Roland, Edirol UA-25E) and responded by using a
touch screen.

Group

poor

good

0

1

2

3

Average relative DLF (%)

Figure 1: DLFs of the two groups
2.2. Stimuli Creation

The two sets of word pairs were hana (LH) meaning
flower when accented and nose when unaccented,
and sita (LH) meaning tongue when accented and
down when unaccented. Both word pairs have a
similar familiarity index according to [2, 29]: flower
(6.5) versus nose (6.4) and tongue (6.1) versus down
(5.9) on a 7-point scale with 7 being most familiar.
The original files were recorded by a female Tokyoborn speaker. Four sets of 11 continual stimuli (10
linear steps measured in cents) were created from
four original files by manipulating the pitch from the
accented words to unaccented and vice versa. The
carrier phrase, watashi wa [target] ga suki "I like
[target]", was kept the same per word pair. When
the target word is followed by the phrase ga suki, the
suki is subject to catathesis, the compression of f0
range, if the preceding word within the same accentual phrase is accented [28]. The effect of catathesis
could be observed in the original accented phrases.
In the current study, to keep the carrier phrase constant within word pairs, only the carrier sentences
from the original unaccented stimuli were used for
both hana and sita. Pitch manipulations were car-

2.3.1. Difference limens for pure tones (DLFs)
The frequency discrimination threshold for pure
tones (DLFs) were measured using a two-interval
two-alternative forced-choice method, as described
in [23, 22]. Two intervals were played to the participant, one with four successive tones A at a fixed frequency (AAAA), the other interval consisted of tone
A and B played alternately (ABAB). Both tone A
and B were 300-ms tones with 20-ms raised-cosine
ramps, with a 100 ms silent interval between the two
intervals. Tone B had a higher frequency than tone
A, where the difference in the frequencies of the two
tones were adjusted adaptively in a two-down-oneup procedure. The order of the intervals was randomised at each trial, and the participant was asked
to judge whether the ABAB interval came first or
second by selecting "1" or "2" on the screen. The
procedure ran for eight reversals and the listeners’
thresholds were estimated as the geometric mean of
the step for the last six reversals. For participants
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who performed more than 10 trials correctly in succession within the last six reversals, only the remaining reversals were considered. The participants were
made sure to understand the task by completing a
practice session of 10 trials or more if needed. Feedback was given for the practice session.

3.1. Effect of DLF results on pitch accent perception

We analysed the results with logistic mixed models using the glmer function in the R package lme4
[3]. Likelihood ratio tests were carried out to examine effects of the DLF groups, word pair, stimulus step and whether or not the stimulus was modified from an unaccented or accented original stimulus on the response (whether the participant perceived an accented or unaccented word). As the
original stimulus factor causes the models to have
a higher Akaike information criterion (AIC) value
compared to a model without the factor, the original stimulus factor was subsequently omitted as it
did not contribute to better model fitting. Random
slopes were by-participant and by-word pair for the
effect of steps, and by-word pair on the effect of
participant when deemed appropriate. For the hana
pair, there was significant effect of the DLF group
(χ 2 (1) = 4.8, p=0.029) and steps of the stimulus
(χ 2 (1) = 18.6, p<0.001) on whether the listeners
perceived the stimuli as "flower" or "nose". The
sita pair however did not show any significant effect of the DLF group on the response (χ 2 (1) = 1.3,
p=0.26) even though Fig. 2 shows the ‘good’ group
had a distinct point where their perception changed
from one to another at step 6 compared to the ‘poor’
group in and Fig. 3.

2.3.2. Pitch Accent
The participants listened to 22 stimuli in random order per word pair to decide whether they heard the
accented or the unaccented stimulus. Each block
was repeated five times. They responded by choosing one of two alternatives in kanji (Chinese characters) on the screen. Half of the listeners started with
the hana pair and half with sita. Before the task, they
were given a practice session with five unprocessed
stimuli of hati "eight/bee".

1.00

Ratio of answers as the accented word

Ratio of answers as the accented word

3. RESULTS
The mean ratios of answers as the accented word
("flower" for hana, and "tongue" for sita) for the
‘good’ group are illustrated in Fig. 2 and the ‘poor’
group in Fig. 3. The ‘good’ group was able to distinguish "flower" from "nose" for the hana pair relatively well with a steep s-curve. While the listeners in this group could not separate the two sita’s
as well, we can still observe an s-curve-like shape
in their responses. On the other hand, the ‘poor’
group had a much less coherent pattern in both hana
and sita identification, showing that they had trouble
identifying the accented and the unaccented word.
The different point types show the two types of original files used as the stimuli in the figures.
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Our current study aimed to find out whether elderly
listeners were able to perceive Japanese pitch accent
accurately and how their perception was related to
their frequency discrimination abilities. The results
suggest that while some elderly listeners were able
to identify the hana and the sita pair to a certain
extent, others struggled with these words. As both
groups of listeners had similar auditory thresholds
and auditory filter bandwidths, their differences in
word identification may be attributed to the difference in their pitch discrimination abilities.
Our second objective was to determine whether
secondary cues, such as duration or intensity, for
pitch accent in Japanese are present and accessible
to elderly listeners, especially for those who may not
be able to make use of the pitch cues. If secondary
cues, whatever they are, were perceivable, we would
see different results whether the stimuli were created
from accented words or unaccented words. We can
observe from Fig. 2 that this is not the case for the
‘good’ group, where they had almost identical responses for stimuli created from both original files.
The ‘poor’ group, however, while there was no significant effect of the original stimulus, the results
were visually more different. Having said that, the
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Figure 2: Good DLF
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Figure 3: Poor DLF

While the two groups differed significantly in
their DLFs, there were no significant differences between the two groups in terms of PTA (average of
500 Hz, 1k Hz and 2k Hz) (t(18) = 1.4, p = 0.19),
the reaction time from the trail making test (t(16.3)
= -1.0, p = 0.36), or their auditory filter bandwidths
in equivalent rectangular bandwith (ERB) for 500
Hz (t(12) = 1.3,p = 0.23), 1k Hz (t(17) = 0.11, p =
0.9) or 2k Hz (t(11) = -0.74, p = 0.48).
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ferentiating Mandarin tones [26, 19]. However, literature on amusics has found the mean relative DLF
to be 5% [6], comparatively worse than our current
cohort, suggesting that at least the participants of
the current study had better pitch processing abilities than amusics. As we do not have data of the
participants prior to their possible hearing decline,
we cannot say their pitch processing deficits were a
product of ageing. However, self reported experiences in music have shown that there were participants with music experience in both groups. For
future work, we will also recruit young listeners to
examine how they perceive pitch accent and whether
they exhibit similar patterns to our elderly listeners.

‘poor’ group results also showed no evidence of being able to use any secondary cues, and therefore no
acoustic analysis were carried out for the two original stimuli. F0, being the stronger acoustic cue, may
have acted as a masker over any weaker secondary
cues, and thus they were not available even to the
listeners who could not use the pitch cues robustly.
Initially we expected the participants to perceive
both word pairs similarly. Apart from one participant, who was trained as a broadcaster, the participants in general could not distinguish the sita pair as
well as the hana pair. This may be because hana,
which means "flower" when accented and "nose"
when unaccented, are both concrete nouns that make
sense somewhat in the carrier sentence and therefore easier for the listeners to perceive. On the other
hand, "down" in the sita pair may not make sense
contextually, and several participants reported afterwards to find the sentence awkward to comprehend.
Previous studies have found that elderly listeners
take advantage of context in adverse listening conditions [27, 14] and therefore have a bias towards the
more semantically sensible choice when they could
not decide. Phonologically, the sita pair may also be
disadvantageous compared to hana, where the first
mora in the sita stimulus is devoiced (confirmed via
acoustic analysis), and therefore may be harder to
hear. Previous literature has shown that elderly listeners struggle with devoiced sounds [17], possibly
due to the tendency of higher frequency loss in elderly listeners. The mean hearing thresholds at 2k
and 4k Hz for the current cohort were 18 and 19
dB HL respectively and thus can only be considered
as mild hearing loss, suggesting that high frequency
loss could not be used to explain the poor recognition for sita. While the stimuli were checked to
sound natural and different enough, acoustically the
f0 differences were smaller for the sita pair. This
may have contributed to current results of elderly
participants not being able to distinguish between
the sita pair. Future work would involve further
investigating whether this applies to young normal
hearing listeners.
In regards to the effect of (or lack of) catathesis,
we initially expected some sort of bias towards the
unaccented choice of words, which was not observable in the results. For future study, stimuli with carrier phrase from the original accented words should
also be included to test for listeners’ sensitivity on
the effect of catathesis.
There is also the possibility that elderly listeners were amusics to begin with and already had
pitch processing deficits, where previous studies
have found amusic listeners to have problems dif-

Finally, all participants in the ‘poor’ group were
male listeners. This may be due to our recordings
being made from a female speaker and they may
have found a male voice more familiar. At the same
time, literature has also reported that speech intelligibility performances in male participants tend to be
affected by ageing more than their female counterparts [8, 32] and the current results may be another
piece of evidence for this observation.
5. CONCLUSION
In the current study, we examined how elderly
Tokyo-born Japanese listeners perceive pitch accent
using two pairs of accented and unaccented words:
hana and sita. We found listeners who were similar in hearing thresholds and auditory filter bandwidths but differ in their frequency discrimination
abilities to vary in how they perceive pitch accent
in Japanese. The hana pair was more distinguishable than the sita, possibly due to the less natural
context and less difference in pitch between the accented and unaccented pairs. We also used two sets
of continua per word pair from the original accented
and unaccented speech to investigate whether or not
secondary cues may be present and accessible for
listeners with poorer pitch processing abilities. As
expected, the group with normal hearing DLF did
not make use of possible secondary cues, and we did
not find any evidence for the group with poorer pitch
processing of having used possible secondary cues,
even though visually the results suggested some differences. While we could not report conclusively the
pitch deficits observed in the poorer group were due
to ageing, we found evidence of poorer frequency
discrimination abilities to affect how elderly listeners perceive day-to-day words. Future works involves using more word pairs and recruiting younger
listeners to examine the effect of ageing.

2924

6. REFERENCES

Prosody. Tokyo: Kuroshio.
[19] Liu, F., Jiang, C., Thompson, W. F., Xu, Y., Yang,
Y., Stewart, L. 2012. The mechanism of speech processing in congenital amusia: Evidence from Mandarin speakers. PLoS ONE 7(2).
[20] Moore, B. C. 2014. Auditory Processing of Temporal Fine Structure: Effects of Age and Hearing Loss.
Singapore: World Scientific Publishing Company.
[21] Moore, B. C., Peters, R. W. 1992. Pitch discrimination and phase sensitivity in young and elderly
subjects and its relationship to frequency selectivity. J Acoust Soc Am 91(5), 2881–2893.
[22] Moore, B. C. J. 2016. Effects of sound-induced
hearing loss and hearing AIDS on the perception
of music. AES: Journal of the Audio Engineering
Society 64(3), 112–123.
[23] Moore, B. C. J., Vickers, D. a., Mehta, A. 2012. The
effects of age on temporal fine structure sensitivity
in monaural and binaural conditions. International
Journal of Audiology 51(10), 715–721.
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ABSTRACT

stituent [21, 7, 20]. In English, there are multiple
acoustic cues marking an IP boundary. The end of
an IP is realized by pre-boundary lengthening and
changes in pitch (called a boundary tone, e.g., H%
for ending with a high pitch, L% for ending with a
low pitch), and possibly followed by a pause [3, 12].
Studies on the role of prosodic phrasing in syntactic disambiguation have shown that speakers use a
prosodic boundary to deliver their intended syntactic structure, and major prosodic boundaries are robustly perceived by listeners [15].
Even though not all prosodoic boundaries are
obligatory, listeners are nonetheless highly sensitive to their location in disambiguation, as syntactic clauses and major intonational phrases (IP) tend
to be closely aligned with each other. For example, prosodic boundaries are known to disambiguate
globally (1) and temporarily (2) ambiguous structures [9, 17, 22]. In (1), even though the prepositional phrase from Alabama is structurally ambiguous, the location of a boundary (%) can disambiguate whether it modifies the noun (1a) or the verb
(1b), indicated by underlining.

We show that the pupillometry method, which continuously captures minute changes in pupil size,
provides a natural, real-time measure sensitive to
mismatches between prosodic and syntactic grouping. Pupillometry is increasingly used as a measure
of language comprehension, finding increased pupil
size for syntactically complex sentences (e.g., [5]),
violations of expected meter [18], and inadequate or
misleading pitch accent [25].
Using materials from Kjelgaard & Speer [9], we
found that improper prosodic boundary location increases pupil size, which increased differentially
when the syntactic structure was independently hard
to parse. The findings suggest that prosodic misalignment created additional cognitive load during
auditory sentence comprehension, confirming that
prosodic boundaries are immediately incorporated
into structural analysis. We discuss implications for
theories of prosody-syntax alignment in real-time
sentence parsing, along with methodological and
statistical innovations afforded by this method.
Keywords: Prosodic alignment; boundary placement; prosodic processing; pupillometry

(1)

1. INTRODUCTION
1.1. Prosodic boundaries and alignment

a. Paula phoned % her friend from Alabama
b. Paula phoned her friend % from Alabama

Similary, boundary placement can disambiguate
temporarily ambiguous sentences. In (2), the noun
the house is temporarily ambiguous between the
subject of a new clause (2a: Early closure) and the
object of the preceding verb (2b: Late closure). A
Late closure interpretation is generally preferred in
the absence of prosodic or orthographic cues. There
are many explanations of this preference, including
the idea that treating the house as an object is initially syntactically less complex, and must be reinterpreted as a subject upon encountering the disambiguating matrix verb is [6].

In spoken speech, the degree of juncture between
each word is different, reflecting the organizational structure of the utterance, known as prosodic
structure, the hierarchically organized groupings of
words. These groupings are prosodic units such as
an Intonational Phrase (IP; a major prosodic unit)
or Intermediate Phrase (ip; a minor prosodic unit)
[3, 7]. Since prosodic grouping is influenced by
many factors such as syntactic structure, information structure, rhythm, length of a phrase, and even
speech rate [21], there can be multiple prosodic
boundaries in an utterance. Though the prosodic
structure is not isomorphic to syntactic structure, the
boundary of a major prosodic unit often matches or
aligned with the boundary of a major syntactic con-

(2)
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When Roger leaves the house . . .
a. When Roger leaves % the house is dark

along various linguistic dimensions.
Engelhardt et al. [5] measured pupil dilation on
Early closure sentences like (3), manipulating the
presence and size of a prosodic break at the clause
junction (between cleaned and the dog). Pupil dilation after the temporarily ambiguous noun (the
dog) increased in conditions that lacked the appropriate prosodic boundary, suggesting that a prosodic
boundary aligned with the syntactic clause eased the
interpretation of syntactically difficult structures.

b. When Roger leaves the house % it’s
dark
How do prosodic boundaries affect parsing decisions? In a series of mainly offline experiments,
Kjelgaard & Speer [9] found that interpreting a
sentence was facilitated when a prosodic boundary
aligned with the syntactic clause boundary (Cooperating prosody), and that interpretation was hindered when the prosody and syntax were misaligned
(Non Cooperating prosody) compared to a neutral prosody baseline condition. Disambiguating
boundaries have also been shown to elicit unique
electrophysiological signatures in electromagnetic
(EEG) studies [23]. In addition, visual world
paradigm (VWP) studies have shown that listeners use prosodic boundaries to anticipate upcoming
structure [22].
However, each of these methods has potential
drawbacks: offline measures are too coarse to assess real time processing; EEG measures are comparatively expensive and time-consuming; and gaze
patterns within the VWP are highly contingent
on the images or scenes presented to the subject,
and may therefore encourage task-specific strategies
[16]. Though no measure is perfect, the pupillometry method outlined below offers a promising middle
ground: an easy to administer, comparatively inexpensive, but online and passive measurement.

(3)

While the woman cleaned (%) the dog that
was big and brown stood in the yard.

The present experiment complements Engelhardt
et al.’s study by making several methodological and
statistical improvements. First, we added a Late
closure baseline, to assess the effect of Non Cooperating prosody on sentences that do not typically
produce processing difficulty. Second, we recorded
pupil dilation immediately after the prosodic phrase
containing disambiguating information. Importantly, the pupil was recorded during silence, so
acoustic differences between sentences could not affect pupil size. Third, we used a statistical measure that is more appropriate for continuous measures with complex functional forms than is possible with the ANOVAs or linear regression models
that were in standard use at the time. In particular,
we used a growth curve analysis to model complex
changes in pupil dilation over time.

1.2. Pupillometry method

2. EXPERIMENT

Pupillometry records continuous changes in pupil
diameter associated with a stimulus, typically reaching its peak between 700 and 1200ms after stimulus
onset [13]. Pupil size naturally fluctuates involuntarily, and dilates in response to (i) the presentation
of an external stimulus (e.g., changes in luminance,
arousing imagery, difficult arithmetic problems), or
(ii) neural inhibition from either the parasympathetic
oculoumotor system or the locus coeruleus of the
noradrenergic system [24]. Pupil size increases as
a function of cognitive load or mental effort, and
has been implicated in many tasks involving memory and attention [13].
Pupil dilation has recently been explored as a
measure of language comprehension (see [19] for
review), finding increased pupil size for structurally
complex sentences [5, 4, 8], semantic anomalies [4],
lexical frequency or increased emotional valence
[10], violations of expected meter [18], and inadequate or misleading pitch accent [25]. Though still
sparse, the current literature strongly suggests that
growth in pupil size indexes increased effort and attention associated with difficult to interpret material

2.1. Participants

Thirty-four native college-aged speakers of American English were recruited from a Psychology Subject Pool at UCLA. No participant reported any history of hearing loss or language disorder. Experimental sessions lasted no more than 30 minutes, and
participants were compensated with course credit.
2.2. Materials and method

Subjects were instructed to look at a fixation cross
while listening to a sentence until it disappeared (3
seconds post-sentence). Their heads were stabilized
and the size of their pupils was measured by a highresolution eye tracker. Individual variation in pupil
size was normalized by subtracting pupil size from a
500ms pre-sentence baseline recorded on a series of
# marks, and then calculating the percent change at
each point over the entire trial per subject. Auditory
materials were played over loud speakers in a sound
isolated room.
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We follow [11] in the interpretation of pupil dilation in terms of the growth curve components:
larger linear terms indicate steeper deflection from a
flat line; more negative quadratic terms indicate increased non-linearity; and more positive cubic terms
reflect the steepness of the rise and fall of the pupillary response; see Figure 1.
We summarize the major points from the statistical model from Table 2. In cases of Non Cooperating prosody, there were steeper slopes (an increased linear polynomial) with a more non-linear
shape (identified in terms of the quadratic component). For the Closure condition, Early closure
sentences elicited steeper slopes with earlier, more
acute peak amplitudes (effects in all three polynomials) than Late closure counterparts. Finally, we
observed an interaction between the two conditions:
The effect of Non Cooperating prosody was greater
for Early Closure with steeper, more acute peak (the
linear and cubic components).
In all, the results show that the conditions elicited
distinct pupillary responses from our subjects. We
assume that increased peak and slope index increased cognitive load. There were processing
penalties for both misleading prosody and syntactically complex sentences. These conditions interacted, so that there was an increased penalty for Non
Cooperating Early closure sentences, in which the
misleading prosodic boundary was compatible with
the Late closure interpretation, possibly increasing
the cost of misinterpretation.

Sixteen quartets, modified from [9], were constructed, in a 2x2 design crossing Prosody (Cooperating, Non Cooperating), Closure syntax (Early,
Late). A sample item is shown in Table 1 with
the ToBI tone labels [2] representing the prosodic
boundaries and nuclear pitch accents found in experimental items. The 16 experimental items were presented in counterbalanced and individually randomized order, interspersed with 36 sentences from unrelated experiments, and 26 non-experimental filler
sentences, for a total of 78 sentences per experimental session. Comprehension questions were presented after half of the items to ensure that subjects
were paying attention, but were not analyzed further.
2.3. Results

To avoid assuming a linear form or an arbitrary time
window for analysis, the data were fit to a growth
curve model [14], a powerful statistical approach,
which can be used to quantify continuous changes in
pupillary response [11]. The best fitting model was a
third-order (cubic) orthogonal polynomial with fixed
effects of Prosody, Closure, and their interaction on
all time terms, and by-subject and by-item random
slopes [1], as shown in Table 2. Experimental predictor variables received deviation coding with Cooperating prosody and Late closure conditions specified as the baselines for their respective factors.

Figure 1: Pupil dilation after sentence offset

Table 2: Linear mixed effects regression model
of a growth curve analysis with three orthogonal polynomial terms (Linear; Quadratic; Cubic).
Significant terms marked as * rows.

SE
0.04
0.31
0.31
0.31
0.04
0.04
0.31
0.31
0.31
0.31
0.31
0.31
0.04
0.31
0.31
0.31

5.0

t-value
-1.94 +
-55.55 *
5.19 *
6.78 *
0.18
-0.22
6.11 *
-6.03 *
0.51
-5.37 *
-3.37 *
2.96 *
-0.11
-6.99 *
-0.32
2.93 *
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(Intercept)
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0.91
NonCoop:Early
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●
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Table 1: Sample quartet from experiment. A tone in parentheses indicates that the tone was not present in all
items.
Closure

Cooperating prosody

Non Cooperating prosody

Early

(When Roger leaves) % (the house is dark)
* H* L-L%
H* (!H*) L-L%

(When Roger leaves the house) % (is dark)
*
H* L-L%
H* L-L%

Late

(When Roger leaves the house) % (it’s dark)
*
H* L-L%
H* L-L%

(When Roger leaves) % (the house it’s dark)
* H* L-L%
H* (L-) H* L-L%

The interaction can perhaps be seen most clearly by
comparing the mean change in pupil size in the same
3000ms time period, shown in Figure 2. Though
the trends are not statistically significant in more traditional LMER analyses, Non Cooperating prosody
differentially increased pupil dilation in Early closure structures.

teraction might indicate that the language processor uses prosodic boundary information in tandem
with structure building principles to generate sentence structures in real time. The boundary location in the Non Cooperating Early closure condition would lend prosodic support to the preferred
structure, thereby cementing the interpretation of the
house as an object to the embedded verb leaves. The
Non Cooperating Late closure condition, however,
would present prosodic evidence for the dispreferred
structure to the parser, in which the house functions
as the subject of a separate clause. That is, even
though the parser would compute, but later reject, an
Early closure structure, the generally preferred Late
closure syntax might be more easily recovered.
An alternate interpretation is phonetic. The majority of our items traded on the acoustic similarity
between is and it’s. Listeners may have simply misperceived the contraction it’s as the copula is in the
Non Cooperating Late closure condition, thereby reducing the penalty for failing to align the prosody
and the syntax. Currently, we do not have evidence
to properly arbitrate between the two possibilities.
To conclude, we have shown that increases in
pupil size track misleading prosody, and that there
are greater effects on changes in pupil dilation when
the misleading prosody supports a preferred structure. We take this result as a proof of a general
methodological concept: pupillometry complements
existing online measures (such as visual world eye
tracking and EEG), by offering a highly versatile,
yet simple to administer method for exploring the
online computation of linguistic prosody during sentence processing in naturalistic environments. When
paired with a growth curve analysis, it provides a
powerful tool for exploring the dynamics of how
prosodic and syntactic constituencies are formed
and aligned in real time sentence comprehension.

Figure 2: Mean pupil size with standard errors
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1.0

0.5

0.0
Cooperating Early
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NonCooperating Early NonCooperating Late

3. DISCUSSION
The overall pattern is highly consistent with Kjelgaard and Speer’s [9] initial offline findings, as well
as Engelhardt et al.’s [5] earlier pupillometry study.
In general, our findings show that change in pupil dilation reflects mismatches between prosodic grouping and syntactic structure. Furthermore, the cost
is greater for mismatches that initially support independently preferred syntactic analyses, i.e., the Non
Cooperating Early Closure condition. We entertain
two possible interpretations of this interaction.
The first interpretation is a syntactic one. The in-
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ABSTRACT
Post-focus-compression (PFC) was found to be quite
stable in single focus sentences but not clear in dual
focus sentences. We studied how boundary strength
interfered with PFC. Background questions was
constructed to elicit focus either on word X (a
sentence-medial word), word Y (a sentence-final
word), both, or neutral. The boundary after word X
was constructed as word, phrase, clause or sentence
boundary. The results showed that: (1) All focus
words had F0 raising in both single and dual focus
conditions; (2) PFC of the single focus was reduced
to a great extend when the boundary after the
focused word was a sentence boundary. (3) PFC of
the first focus in a dual focus sentence was reduced
when the boundary was a phrase boundary and
above. In general, a strong boundary weakened PFC
to a greater degree in the dual focus sentences than
that in the single focus sentences.
Keywords: dual focus; post-focus compression;
boundary strength
1. INTRODUCTION
Focus is to highlight certain part of a sentence due to
semantic and pragmatic reasons [1, 3, 14, 16]. In
Mandarin, focus is realized in a tri-zone pattern in
intonation, that is, focused words have F0 raising
and post-focus words have F0 lowering and
compressing (PFC), while pre-focus parts are largely
intact [2, 12-14]. PFC of a single focus can still
apply across a strong boundary with long silent
pauses, which is between two clauses [13].
However, in sentences with two foci, several
studies have found that no PFC applied after the first
focus [4, 5, 11] in both short and long sentences [9].
Thus, it is not the syllable number or time limit, but
some other reasons interfering the F0 lowering of
the middle part between the two foci. We suspected
that, in those studies, a certain boundary after the
first focus probably blocked PFC. Thus the middle
part between the two foci was the pre-focus words of
the second focus. Because pre-focus F0 was largely
intact [2, 12-14], then no lowering or compression of
the middle part was found.
*Corresponding author: Bei Wang
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Yuan et al. [17] provided an empirical evidence
to our assumption. They studied a complex sentence
with the structure of “Subject + Verb + Modifier1 +
Object1 + Modifier2 + Object2”. The first focus was
always the sentence-initial word. The first focus
showed PFC when the second focus was in M2 and
O2, but no PFC was applied when the second focus
was in M1 and O1. Visual observation of their figure
revealed that PFC of the first focus hold either
within a word, a phrase or even two phrases.
A study on dual focus in German [10] showed
that in some cases, speakers inserted a high
boundary tone to divide the two foci in two
intonational phrases. However, there were more
often the cases that two foci co-existed in one
intonational phrase, both realizing in falling tones
and the F0 between two foci decreased to the lowest
level. The length of the subject NP and the VP were
factors influencing how two foci were realized.
When the NP and VP were both very short, the first
focus was realized as a rising tone and forms a hatpattern.
In this experiment, we studied whether different
degree of boundary strength would affect PFC in
single and dual focus sentences. Here boundary
strength was manipulated by syntax, which could
avoid some unnecessary confound or controversial
problems, such as the circulation on defining
boundaries by acoustics or pitch accent. We
considered the most common boundaries, i.e., word
(B1), phrase (B2), clause (B3) and sentence (B4)
boundaries, which were found to be realized with
different prosodic strength [13]. However, we were
aware that syntactic boundaries do not always map
onto prosodic boundaries. Also, it does not imply
that prosodic boundaries are categorical or just with
these four levels.
Two research questions and the hypothesis are as
below.
(1) How does boundary strength interfere with PFC
in single focus sentences?
Based on the findings in [13], we predicted that
PFC of a single focus remains stable in B1-B3
boundary conditions, but not in the B4 boundary
condition.
(2) How does boundary strength interfere with PFC
of the first focus in dual focus sentences (hereof,
we will just say first focus)?

It has been found that PFC does not exist after a
word boundary [9, 17] or a phrase boundary [17].
It seemed that a strong boundary will block PFC
of the first focus.

Minzu University of China and spoke standard
Mandarin without any noticeable accent or any
hearing or speaking disorders.
2.3. Procedure

2. METHODS
2.1. Material

Boundary and focus were controlled as two
independent variables in a within-subject experiment.
Four boundaries after the critical word X were
manipulated by syntactic structure, i.e., word, phrase,
clause and sentence boundary (B1-B4), See (1) for
an example. Critically, the phonemes of word X and
X+1 were the same or similar across the four
boundary sentences, and the rest of the words were
identical so that the boundary effect was not
interfered with tones or segments.
One set of the sentences in the four boundary
conditions:
(1)

B1

B2

B3

B4

LI3LAN2ZHU3 de0[TIAN1MA2]x[HAI3XING4]x+1
gei3[MAO2 ma1ma0]Yle0。
LILANZHU’s TIANHAIXING was-given-to Mao
Mum ASP.
LI3LAN2ZHU3 de[TIAN1MA2]x
[HAO3XING4]x+1gei3[MAO2 ma1ma0]Yle0。
LILANZHU’s TIANHAIXING seem-to be-given-to
Mao Mum ASP.
LI3LAN2 zhu3 le0[TIAN1MA2]x,
[HAO3XING4]x+1gei3[MAO2 ma1ma0]Yle0。
LILAN boil ASP TIANMA, seem-to be-given-to Mao
Mum ASP.
LI3LAN2 zhu3 le0[TIAN1MA2]x.
[HAO3XING4]x+1kao3[MAO2 ma1ma0]Yle0。
LILAN boil ASP TIANMA. HAOXIANG ask Mao
Mama ASP.

Four focus conditions were elicited by preceding
background wh-questions, i.e., neutral focus (NF), X
focus (XF), Y focus (YF) and dual focus (XYF).
Taken the B1 sentence in (1) as an example, the
English translation of the four questions are
presented in (2).
The background questions of the four focus
conditions:
(2)

NF: What did you just hear about?
XF: What kind of HAIXING of LILANZHU was given to
Mao Mum?
YF: Whom was LILANZHU’s Tianma Haixing given to?
XYF: What kind of HAIXING of LILANZHU was given to
whom?

In total, there were 64 target sentences for each
speaker (4sets ×4boundary×4focus).
2.2. Speakers

Nine speakers (2 male, 7 female) aged 20-25
participated in the experiment. They were all from
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The recording was carried out at the Phonetic
Laboratory at Minzu University of China. Speakers
were asked to read aloud both the questions and
target sentences in a natural way. During the
recording, the sentences were presented on the
computer screen in a random order to each speaker
by a customer-developed AudioRec software with a
HP computer, and a Rode NT1A microphone
connected to a Steinberg external sound card (CL1).
To make the reading a little easier, the focus words
were highlighted. The speech signals were digitized
at 44.1 kHz and saved as separate WAV files.
Before the formal experiment, speakers had a short
practice to get familiar with the experiment. Each
speaker repeated the 64 experimental sentences
twice in a different random order. Altogether, 1152
sentences were analysed.
2.4. Acoustic measurement

For all the target sentences, syllable boundaries were
labelled and the vocal pulses were checked by
author LL with ProsodyPro [15] in Praat. Then, the
maximum F0, minimum F0 and duration of each
syllable were extracted and saved as separate files
automatically by ProsodyPro. The F0 values of Hz
were converted to semitone (st), using 1 Hz as the
reference for all the speakers according to the
formula:
𝐹0𝑠𝑡 = 12 × 𝑙𝑜𝑔2 (𝐹0𝐻𝑧 )
3. RESULTS
Due to the space limit, only the results of maximum
F0 are reported. The results of word duration are
quite consistent that all focused words have duration
lengthening in both single and dual focus conditions.
Minimum F0 does not show much difference across
the focus conditions.
Of the most interest to the current study is
whether PFC remains after certain boundaries.
3.1. Intonation contours

Firstly, the intonation contours of the sentences in (1)
with four boundary conditions (B1-B4) are
presented in Figure1, with four focus conditions
overlaid in one figure. Ten time-normalized F0 of
each syllable were extracted by ProsodyPro, which
averaged the two repetitions of nine speakers. The
following statistic tests include all the four sentences.

Firstly, looking at the X focus condition in Fig. 1,
we can see that word X shows F0 raising and pitch
range expansion as compared to the neutral and Y
focus conditions. The F0 in the post-focus words
seems to be lowered and compressed. These hold for
B1-B4 sentences. As for Y focus condition, the F0
raising in word Y is quite limited in all the sentences.
Figure 1: Intonation contours of sentence 1 under the
four focus conditions divided by the four boundary
conditions.

the variation of maximum F0 in word X+1 is greater
than in word X and Y. Whether PFC applies in
different boundary conditions need to be tested
statistically.
Linear mixed models (LMMs) are applied, by
using the lmerTest packages [6] in the R
environment [7]. Only the t-values are reported here
due to the space limit. Before modelling the data, for
each word, the outliers in maximum F0 beyond two
standard deviations are deleted (3% in total).
Figure 2: The boxplot of the maximum F0 (st) of three
target words in the four boundary conditions, grouped
by focus conditions.

Secondly, we look at the dual focus conditions
(XYF). We can see that F0 raising in word X is to
relatively the same degree as the X focus counterpart,
whereas F0 is not raised much in word Y. Looking
at word X+1, F0 seems to be lowered in the B1 and
B2 sentences, but not in the B3 and B4 sentences.
The other three sets of the sentences show a similar
trend of the on-focus F0 raising, but varied in the
post-focus parts.
3.2. Maximum F0

The statistic tests aim to answer two questions:
(Question 1) Do focus and boundary condition have
effects on the maximum F0 in the three target words?
(Question 2) In the four boundary conditions, is
maximum F0 raised in the on-focus words and
lowered in the post-focus words?
The box-plot of the maximum F0 of three target
words (X, X+1 and Y) are presented in Figure 2,
divided by boundary and focus conditions. In word
X, both XF and XYF condition shows higher
maximum F0 than the NF and YF condition. In word
X+1, maximum F0 is lowered in XF condition than
the other three focus conditions in the B1-B3
sentences, but not clear in the B4 sentence. In word
Y, maximum F0 is higher in the YF and XYF
condition than the NF and XF condition. Word Y
also shows the lowest maximum F0 in the XF
condition in B1-B3 condition. We can also see that
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To answer Question 1, for each target word, we
apply the LMMs on the maximum F0 with focus and
boundary as the fixed factors and with the
interaction presumed, while subject and sentence set
are two random factors. The results (See Table I)
show that both factors have effects in all the three
target words, but no interaction is found.
Table I: T values of the LMM analysis in the three
target words with focus and boundary as the
fixed factors

Focus
Boundary
Interaction

X
-5.63
-3.83
-0.18

X+1
-2.47
7.40
0.32

Y
8.35
3.17
-0.70

(Note: when t>2, it is considered that the effect holds.)

To answer Question 2, LMMs are applied in each
boundary condition separately, with focus as a fixed
factor, while speaker and sentence set are random
factors. Here, NF is taken as the baseline. The tvalues of the comparison between the other three
focus conditions and NF are reported in Table II. It
can be seen in word X of all the boundary sentences,
that the maximum F0 is significantly higher in the
XF and XYF conditions than in the NF condition,

while maximum F0 in the YF condition is lower
than in the NF condition. In word X+1， both the
XF and XYF show lowered maximum F0 than the
NF condition, with greater lowering in the XF than
the XYF condition. The F0 lowering in the XYF
condition is greater in the B1 condition than that in
the B2-B4 conditions. Maximum F0 in the YF
condition is also lower than in the NF condition. In
word Y, maximum F0 in the XF condition is lower
than NF, while the YF and XYF conditions are with
higher maximum F0. Moreover, in the B4 boundary
condition, PFC is much smaller in the XF condition
than in the other three boundary conditions.
Table II: T values of the LMM analysis in each
boundary condition, with focus as a fixed
factor and NF as the baseline
B1
XF-NF
YF-NF
XYF-NF
B2
XF-NF
YF-NF
XYF-NF
B3
XF-NF
YF-NF
XYF-NF
B4
XF-NF
YF-NF
XYF-NF

X
5.41
-4.54
3.96

X+1
-11.40
-5.71
-8.94

Y
-12.94
3.72
2.78

7.29
-4.41
3.65

-7.78
-1.02
-3.31

-13.92
4.99
3.45

4.58
-4.76
2.12

-9.47
-2.40
-4.16

-9.02
4.22
3.18

2.91
-4.92
2.75

-4.76
-2.78
-3.15

-5.37
4.62
3.86

In general, the statistic analysis show that focus
words are raised and post-focus words are lowered
in maximum F0 in both single and dual focus
conditions, and in all the boundary conditions. PFC
seems to be weakened to a greater degree when the
boundary after the focus is stronger. PFC in the
single focus sentences is to a larger degree and goes
across stronger boundaries than PFC in the dual
focus sentences.
4. DISCUSSION AND CONCLUSIONS
In this study, we investigated how prosodic
boundary strength interfere with PFC in both single
and dual focus sentences of Mandarin Chinese.
The results showed that all focused words had
stable F0 raising in both single and dual focus
conditions. The F0 raising was greater in non-final
focus than that in the final focus.
Unexpectedly, PFC applied in all the boundary
sentences both in the single and dual focus condition.
Although the first LMM analysis did not find any
interaction between focus and boundary in both the

2934

focused and post-focus words, the detailed analysis
divided by boundary condition revealed that
boundary strength affected PFC to a greater degree
in the dual focus sentences than in the single focus
sentences.
Firstly, we will discuss about the single focus
case. In consistent with [13], we also found that PFC
in single focus condition can go across a strong
boundary with long pauses. The new finding was
that PFC still remained even between two separate
sentences. However, PFC was greater in the B1-B3
boundary conditions than in the B4 condition. Here,
B4 was a boundary between two sentences involving
topic change, while B3 was between two clauses. It
is possible that the new topic effect in the B4
condition [12] counter balanced PFC.
Then, we will discuss about the dual focus case.
When there were two foci in a sentence, the situation
was much more complicated, especially in the postfocus part. We found that PFC of the first focus was
much greater in the B1 condition than the other three
boundary conditions. It implied that PFC hold within
a phrase, which was also found in [17]. If the
boundary after the first focus is greater than a word
boundary, PFC became much weaker. In the
previous dual-focus studies in Mandarin [4,5,9], F0
between the two foci were in-between of the neutral
and initial focus conditions. Although, F0 lowering
in the dual focus condition did not reach statistic
significance, such a trend implied that PFC was
applied by at least some speakers in some sentences.
Another thing needs to be mentioned is that tone
may also interfere with PFC. In this study, word X
and X+1 in one set of sentences were all falling
tones, and the PFC was greater and more stable than
the other sets of sentences.
The following conclusions can be drawn here: (1)
All focus words had F0 raising in both single and
dual focus conditions; (2) PFC of the single focus
was reduced to a great extend when the boundary
after the focused word was a sentence boundary. (3)
PFC of the first focus in a dual focus sentence was
reduced when the boundary was a phrase boundary
and above.
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ABSTRACT
This study investigated whether an exemplar model
of speech perception could account for the
intonation-based classification of statements and
questions in Cantonese and Mandarin. Both native
and naïve listeners of each language performed a
sentence-type identification task. They were
presented with gated forms of 80 pairs of statements
and questions that ended in all the lexical tones in
each language. An exemplar-based model also
simulated the listening task by classifying the same
tokens based on the Euclidean distance of the F0
values between new and previously presented
tokens. Results showed that the naïve listeners and
the model performed worse than native listeners on
whole-utterance stimuli, but all groups performed
similarly well on gated utterances that comprised the
final syllable only. Both naïve listeners and the
model performed at similar above-chance levels,
suggesting that a “naïve” exemplar-based model
could account for the naïve listeners’ perception of
intonation.
Keywords: intonation perception, exemplar model,
statement and question, Cantonese, Mandarin
1. INTRODUCTION
Previous research on speech variability has
investigated whether Exemplar Theory could
account for the perception of vowels [6], words [7],
syllables [20], pitch accents [21], intonation [4],
intonation and lexicon [19], as well as dialects [2].
Each of these studies focused primarily on native
speakers of a language. Few studies have applied
Exemplar Theory to non-native speakers’ perception
of speech [10]. To better understand exemplar
effects on non-native speech perception, this study
compared the perceptual sensitivity of native
listeners, naïve listeners, and an exemplar-based
model on the identification of statement and
question intonation in Cantonese and Mandarin.
Cantonese and Mandarin differ in both tonal and
intonation systems; thus, they provide two different
test cases for this study. Cantonese has six lexical
tones [1, 3]: high-level /55/, high-rising /25/, midlevel /33/, low-falling /21/, low-rising /23/, and low-
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level /22/. Mandarin, on the other hand, has four
lexical tones [13, 16]: high-level /55/, rising /35/,
low-falling(-rising) /21(4)/, and falling /51/.
This study used declarative questions that are
yes/no questions seeking confirmation from the
listener. In Cantonese, declarative questions end in a
high F0 rise [8] or a high boundary tone [23]
regardless of the tone of the final syllable. In
Mandarin, however, they exhibit a gradual increase
in F0 towards the end of the utterance [14] as well as
an overall higher pitch level than statements [24].
They also retain the tonal shape of the final syllable
[5]. Similarly, statements in both Cantonese and
Mandarin also retain the final tonal contour.
Our study was designed to address the following
research questions: (1) How well can naïve listeners
correctly identify statement and question intonation
in Cantonese and Mandarin, compared to the native
listeners? (2) How well would an exemplar-based
model perform on the same task, compared to both
the native and naïve listeners? (3) Are there
cross-linguistic differences in all three groups’
performances on the task?
2. EXEMPLAR-BASED MODEL
We propose an exemplar-based model that uses a
simplified version of the algorithm from [11] and
[17]. It categorizes statements and questions based
on intonation, without normalization of fundamental
frequency (F0) for each speaker. Since F0 is a
salient acoustic correlate of intonation for Cantonese
and Mandarin, it was used as an auditory property to
calculate the auditory similarity between the
compared sentences. The auditory distance dij
between a new token i and a previously experienced
token j was determined by the Euclidean distance of
the F0s at eleven equidistant timepoints [t0..t10] of i
and j, as shown in (1).
(1)

!!"    =   

!"
!!!

!0!" − !0!"

!

The auditory distance dij was then applied to the
exponential function e-x to derive the auditory
similarity sij between i and j. This function enables
auditorily close exemplars to have greater influence
in the calculation of auditory similarity. We took the

overall similarity between a new token i and a
category to be the sum of the auditory similarity
values between i and every token j in that category.
The model then assigned i to the category (i.e.,
‘statement’ or ‘question’) that had the higher overall
similarity value with i.
3. EXPERIMENT 1: CANTONESE
3.1. Method

3.1.1. Participants
Three groups of listeners participated in the
experiment: (1) native, (2) naïve, and (3) the
exemplar-based model. The native listeners (10
male, 10 female) originated from Guangdong, China
(n=7), Hong Kong (n=7), and Canada (n=6). These
listeners performed the identification task (for a
larger cross-linguistic study of intonation
perception) prior to the naïve listeners. Since there
was no significant difference in the results between
genders (ANOVA: p > .05), only the 10 female
listeners (age in years: 18-28, M=22.00, SD=2.36)
were analyzed in this study.
Counterbalancing the 10 native female
listeners were 10 naïve female listeners (age in
years: 18-28, M=20.80, SD=3.05) who had no
knowledge of Cantonese. Both the native and naïve
listeners were fluent English speakers. They were
recruited from the University of Calgary and
reported no visual, speech, or hearing disorders.
The exemplar-based model simulated 10
listeners as it performed 10 separate classifications
of the Cantonese tokens.
3.1.2. Stimuli
To create the stimuli, 10 native Cantonese speakers
who originated from Hong Kong (5 male, 5 female;
age in years: 18-35, M=23.00, SD=1.49) each read
20 pairs of statements and declarative questions.
These
sentence-type
pairs
were
identical
syntactically and lexically but differed in their
intonation contours (e.g., Wong55 Ji22 gaau33 lik22
si25. Wong55 Ji22 gaau33 lik22 si25? ‘Wong Ji teaches
history’). The speakers reported no visual, speech, or
hearing impairments and were recorded individually
in a sound-attenuated booth at the University of
Calgary using high-quality equipment at 44.1 kHz.
The recorded sentences of four randomly selected
speakers (2 male, 2 female), 80 pairs in total, were
then used as stimuli for the listening experiment. To
determine the effect of final tone on the
identification of the sentence type, the original
recordings were gated in three forms: (1) the whole
sentence (WHOLE, e.g., Wong55 Ji22 gaau33 lik22 si25.),
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(2) the final syllable (FINAL, e.g., si25), and (3) the
non-final portion of the utterance (NON-FINAL, e.g.,
Wong55 Ji22 gaau33 lik22).
3.1.3. Procedure
The identification task comprised two sessions that
were conducted one to seven days apart. Half of the
80 pairs of sentences were used for training and the
remaining half were used for testing. The training
and test tokens were reversed between sessions.
Since this study focused on the naïve listeners’ first
experience with the test language, only the results
from session one were reported. Table 1 lists the five
phases in session one of the identification task.
Table 1: Session one of the identification task.
Part
I
II
III
IV
V

Phase
Practice
Training
Testing
Practice
Testing

# of Trials
4
80
80
8
160

Stimulus Type
WHOLE
WHOLE
WHOLE
NON-FINAL, FINAL
NON-FINAL, FINAL

The training and test tokens were also
randomized and counter-balanced between listeners.
They were presented in ten different orders, one for
each listener of the three listener groups in the study.
The listeners were presented with the stimuli
through headphones one token at a time. In each
trial, they responded whether the stimulus that they
had just heard was (part of) a statement or question
by pressing the appropriate key on a keyboard. The
brief practice exercises, which were intended to
familiarize the listeners on how to do the task, used
sentences that differed from the sentences that were
used in training/testing. The speaker who produced
these sentences also differed from the four speakers
who produced the training/test stimuli. During
practice and training, the correct sentence type was
displayed after each response. During testing,
however, only the number of correct responses was
displayed after every 10 trials.
Similarly, the model was first trained on the
training data, which became exemplars ‘in memory’.
During the categorization process, it compared each
test token with the statement and question exemplars
in memory (using the algorithm described above).
Once the test token had been categorized, it became
another experienced token in memory and was used
to categorize subsequent tokens.
3.1.4. Analysis
For the perceptual analysis, we converted the
listeners’ responses to measures of sensitivity

(d-prime: d') [15]. A d' value of zero means
performance at chance level. We then ran a threeway ANOVA with d' as the dependent measure and
with listener group (native, model, and naïve),
stimulus type (WHOLE, NON-FINAL, and FINAL), and
lexical tone as independent factors. Since this study
examines perception across listener groups, we will
only report significant effects or interactions
involving listener groups (at α = .05).
3.2. Results
Figure 1: Sensitivity (d') by listener group and
stimulus type for Cantonese.
Cantonese

D-prime

4.0
3.0

Native

2.0

Model

1.0
0.0
-1.0

Naïve
Whole

Non-final

Final

Fig. 1 shows that all three listener groups correctly
identified the sentences at an above-chance level. A
three-way ANOVA on d' indicated a significant
main effect of listener group [F(2, 27) = 8.34,
p < .01] and a significant interaction between
listener group and stimulus type [F(4, 54) = 8.98,
p < .001]. However, there was no significant
interaction among listener group, stimulus type, and
tone. A post-hoc Tukey HSD test revealed that the
native listeners were significantly more sensitive to
the statement-question distinction than both the
model and the naïve listeners (p < .001; mean
difference d̄ = .31 and d̄ = .60, respectively), while
the model was significantly more sensitive than the
naïve listeners (p < .001; d̄ = .29).
Specifically, on WHOLE stimuli, the native
listeners performed significantly better than both the
model (p < .01; d̄ = .54) and the naïve listeners
(p < .001; d̄ = .97), while the model performed
significantly better than the naïve listeners (p = .04;
d̄ = .43). On NON-FINAL stimuli, the native listeners
also performed significantly better than both the
model (p < .001; d̄ = .70) and the naïve listeners
(p < .001; d̄ = .65), but there was no significant
difference between the model and the naïve
listeners. On FINAL stimuli, there was no significant
difference between the native listeners and the
model or the naïve listeners, but the model
performed significantly better than the naïve
listeners (p < .01; d̄ = .49).
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4. EXPERIMENT 2: MANDARIN
Experiment 2 replicated Experiment 1 in design,
procedure, and analysis, but used Mandarin instead
of Cantonese listeners and stimuli.
4.1. Method

4.1.1. Participants
Similar to Experiment 1, three groups of listeners
participated in the experiment: (1) native, (2) naïve,
and (3) the exemplar-based model. The native
listeners (10 male, 10 female) originated from China
but not Hong Kong. Since there was no significant
difference in d' between genders (ANOVA: p > .05),
only the 10 female listeners (age in years: 18-28,
M=23.70, SD=2.45) were analyzed. These native
listeners were counterbalanced with 10 naïve female
listeners (age in years: 18-28, M=21.20, SD=2.35)
who had no knowledge of Mandarin. Both the native
and naïve listeners were fluent English speakers.
They were recruited from the University of Calgary
and reported no visual, speech, or hearing
impairments. Ten runs of the exemplar-based model
simulated 10 listeners of Mandarin.
4.1.2. Stimuli
The stimuli were recorded and gated in the same
manner as the stimuli for the Cantonese experiment.
Sixteen native Mandarin speakers (8 male, 8 female;
age in years: 18-35, M=24.94, SD=4.80), who
originated from China but not Hong Kong, produced
the Mandarin statements and declarative questions.
These sentences ended in all four of the Mandarin
tones.
4.2. Results

All three listener groups correctly identified the
sentence types at an above-chance level for all three
stimulus types. A three-way ANOVA on d' showed
a significant main effect of listener group
[F(2, 27) = 64.82, p < .001]. It also indicated
significant interactions between listener group and
stimulus type [F(4, 54) = 13.40, p < .001] and
among listener group, stimulus type, and tone
[F(12, 162) = 2.47, p < .01]. A post-hoc Tukey HSD
test revealed that, overall, the native listeners were
significantly more sensitive to the statementquestion distinction than both the model (p < .001;
d̄ = 1.20) and the naïve listeners (p < .001; d̄ = 1.03).
Specifically, on WHOLE stimuli (Fig. 2), the
native listeners performed significantly better than
both the model (p < .001; d̄ = 1.72-2.33) and the
naïve listeners (p < .001; d̄ = 1.47-1.65). On NON-

FINAL stimuli that excluded a final high or falling
tone, the native listeners also performed significantly
better than the model (p < .01; d̄ = 1.24 or 1.13) and
the naïve listeners (p < .01; d̄ = 1.23 or 1.17).
Furthermore, the native listeners performed
significantly better than the naïve listeners only on
NON-FINAL stimuli that excluded a final low tone
(p < .05; d̄ = 1.10) and better than the model only on
FINAL stimuli that carried the rising tone (p < .01;
d̄ = 1.17).

Figure 2: Sensitivity (d') of WHOLE stimulus type
by listener group and final tone for Mandarin.
Mandarin: Whole sentences
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5. DISCUSSION
In both Cantonese and Mandarin, the naïve listeners
and the exemplar-based model performed at above
chance levels. Additionally, they performed (nearly)
as well as the native listeners on utterances that were
presented with their final syllables only. Both results
are unexpected because neither the naïve listeners
nor the exemplar-based model had knowledge of the
intonation patterns of the test language prior to the
identification task. For the naïve listeners, their
experience with the rising intonation in English
yes/no question [12, 22] likely influenced their
performance on the task since the declarative
questions in both languages end in a higher pitch
than statements (i.e., a final rise in Cantonese [8]
and a raise in pitch in Mandarin [18]). There is also
a general tendency for some language speakers to
perceive utterances with a final rising intonation as
questions [9]. On the other hand, the exemplar-based
model’s above chance performance provides
evidence that F0 is a salient cue for declarative
questions in Cantonese and Mandarin.
On whole utterances, however, the native
listeners outperformed the naïve listeners and the
exemplar-based model. This result suggests that, in
addition to the salient cue for questions at the end of
the utterance, there is distinguishing information
between statements and questions in the non-final
portion of the utterance to which only the native
listeners were sensitive, most likely because of their
experience with their native intonation. [10] noted a
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similar case—presented by Bradlow—in which the
native Mandarin listeners and the non-native
(English) listeners performed similarly in a
discrimination task on Mandarin tones, when the
tones were presented in monosyllables. However,
when the tones were presented in trisyllables, the
non-native listeners performed worse because they
“relied more on acoustic similarity between stimuli”
whereas the native listeners “could rely on their
abstract knowledge of the categories” [10].
Compared with the naïve listeners, the exemplarbased model performed similarly well in Mandarin
but better on stimuli that included the final syllables
in Cantonese. This performance difference reflects
the relatively larger F0 difference towards the end of
the statement and question intonation patterns in
Cantonese
than
in
Mandarin.
Comparing
performance across final tones, no differences
emerged for the Cantonese stimuli, possibly due to
the presence of a high boundary tone cue at the end
of questions [23]. The same comparison for
Mandarin revealed tonal differences likely because
Mandarin retains the shape of the final tone at the
end of both statements and questions [5].
6. CONCLUSION
This study used an exemplar-based model to
investigate the effects of native tone and intonation
on the identification of statements and questions in
two tone languages that differ in their intonation
patterns. On the one hand, native experience (or
more exemplars) helped the native listeners perform
better on whole utterances than the naïve listeners
and the exemplar-based model. On the other hand,
familiarity with similar intonation patterns from
another language (or relying primarily on acoustic
similarity) could compensate for the lack of native
experience, as indicated by all three listener groups’
similar performances on the final syllables alone.
The performance of the exemplar-based model
on the sentence-type identification task closely
paralleled the performance of the naïve listeners
rather than the native listeners, suggesting that an
exemplar categorization process could in principle
account for the naïve listeners’ perception of
sentence-type intonation, at least for Cantonese and
Mandarin. Future modeling work will examine the
potential effect of the listener’s first language on the
identification of intonation patterns in a non-native
language.
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ABSTRACT
This paper examines auditory and visual cues used for
the discrimination of wh-question and whexclamative speech acts in Brazilian Portuguese. The
sentence Como você sabe was uttered as a whquestion (meaning How do you know?) and as a whexclamation (meaning How clever you are!) by ten
Brazilian Portuguese speakers (five males and five
females) from Rio de Janeiro. The acoustic and visual
analyses revealed that these two speech acts not only
showed different F0 contours and intensity patterns,
but also discriminant facial expressions. A perceptual
experiment that investigates the role of visual versus
audio channels with three presentation conditions
(audio only, video only and audiovisual) was applied
with sixty Brazilian participants (twenty per
condition). The results indicate that listeners rely on
both channels to perceive the wh-questions and whexclamations and that the audiovisual condition was
more accurately recognized than the monomodal
ones.
Keywords: Audiovisual perception, wh-questions,
wh-exclamations, Brazilian Portuguese.
1. INTRODUCTION
In the last few decades, the amount of research on
prosody that explores the relationship between visual
and auditory channels has increased significantly.
Given the multimodal nature of speech production
[9], listeners can recognize speech functions through
acoustic and visual cues. Several prosodic aspects in
speech production such as prominence [19], focus
[5,10] and the discrimination of utterance types –
statements and questions– [8,18] have already been
investigated in bimodal conditions in multiple
languages. These studies provided evidence to
support the fact that auditory and visual information
is integrated into speech perception [18], though the
visual contribution can be relatively small for the
perceptual recognition of prosodic linguistic meaning
in comparison to expressive prosody, such as the
manifestation of emotions [3] and attitudes [13].
It is worth mentioning that the studies, which
investigated the role of the auditory and the visual
channels in the communication of utterance types,
usually address the distinction between statements
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and yes-no questions. The present work expands this
analysis to two different speech acts [16] – whquestions and wh-exclamations–, utterances
constructed with a WH-word in the initial position of
the clause, allowing a syntactic parallelism for the
analysis of intonational contours. Thus, these
sentences have the same morphosyntactic and lexical
forms, yet they can still be distinguished by their
intonational contour.
The description of the wh-question intonational
contour in Brazilian Portuguese (BP, henceforth)
shows an overall falling F0 movement that extends to
the nuclear region. This pattern was verified
consistently in various dialects [7]. On the other hand,
as for wh-exclamations, there exist Brazilian varieties
described with either a nuclear falling F0 movement
[14,21] or a nuclear slightly convex F0 movement
[12]. In addition, an experimental study [11] that
explored these two intonational contours with
speakers from Rio de Janeiro using the IPO
stylization methods [20] showed that a falling F0
movement on the nuclear syllable of wh-questions
and a slight rising F0 on the final stressed syllable of
wh-exclamations are perceptually relevant.
The purpose of this study is to investigate the
perceptual recognition of Brazilian Portuguese whquestions and wh-exclamations through the auditory
and visual channels. We hypothesize that adding the
visual channel will help listeners to discriminate these
two intonational contours, since listeners can
integrate information from both channels [18].
2. METHOD
2.1. Data collection

The sentence Como você sabe was produced as a whquestion (meaning How do you know?) and a whexclamation (meaning How clever you are!) by ten
native BP speakers (five males and five females) from
Rio de Janeiro. All the speakers were undergraduate
or graduate students of the Federal University of Rio
de Janeiro (UFRJ, henceforth), except for speaker 3,
who is a professor and one of the authors. Speakers’
ages ranged from 19 to 64 years old at the time of the
recording session.

Figure 1: Upper row of the panel: speakers' normalized F0 curves, normalized intensity curves and Z-score duration curves for
wh-exclamations (Exclamation). Bottom row of the panel: speakers' normalized F0 curves, normalized intensity curves and Zscore duration curves for wh-questions (Partial question).
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2.2. Procedure

2.3. Data acoustic analysis

Before the audiovisual recordings at UFRJ,
participants were asked to sign a consent form. The
recording sessions took place in a sound-attenuated
room at the Acoustic Phonetics Laboratory at UFRJ.
SONY NEX-F3 camera was positioned 90 cm far
away from the speaker, who was seated on a chair
against a dark background. The camera was adjusted
to film the front view of the speaker from below the
neck to above the top of the head. Sound was recorded
with Zoom H4 audio recorder positioned in front of
the speaker (about of 20 cm away) outside the field
view of the camera. Each speaker followed the
instruction to produce the sentence types indicated by
the experimenter, who was in the room during the
whole recording session. Each speaker repeated the
wh-question and wh-exclamation sentences ten times,
resulting in 200 utterances collected for the acoustic
analysis. Afterwards, we used VEGAS PRO [17]
software to synchronize the audio from the recorder
with the video from the camera. Then, videoclips of
the eighth and ninth repetitions of each sentence type
were cut into two-second clips using the same
software. Forty utterances were selected, allowing a
randomization of the video material that was used for
the visual analysis and the perceptual experiment.

The F0, intensity and duration measures were
extracted automatically from the 200 utterances that
were manually segmented at the phoneme level
through the application of two Praat scripts. The first
one [1] allowed the creation of a time-normalized F0
contour in order to compare the different F0
prominences, eliminating the influences of the
microprosody on the F0 contours. Regularly spaced
vectors of estimated values of F0 and intensity were
taken (10 samples of the vowel sounds and 5 samples
of the consonant sounds). This way, we obtained F0
and intensity curves on a normalized time basis.
Moreover, the information about the segmental
duration was grouped in units V-to-V and submitted
to a normalization in order to subtract differences of
intrinsic and cointrinsic duration to each phoneme.
By using the SG-Detector script [2], the raw duration
values of our data were transformed in smoothed zscore values.
Comparing the normalized F0 curves of whexclamations (in the left of the upper row) and whquestions (in the left of the bottom row) of Figure 1,
the wh-question presents a higher melodic level in the
wh-word and a falling F0 movement throughout the
contour with a steeper slope in the nuclear region,
whereas the wh-exclamation contour starts in a lower
F0 level followed by a F0 fall that is smoother in the
nuclear syllable. As for the normalized intensity
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patterns of wh-exclamations (in the middle of the
upper row) and wh-questions (in the middle of the
bottom row) of Figure 1, the clear similarity between
the two sentences is the drop of the intensity in the
final post-stressed syllable ('be'), which is lower in the
wh-question contour. On the other hand, in the whexclamation, the intensity of the first stressed syllable
('co') is higher than the one found in the wh-question.
Regarding the duration patterns of wh-exclamations
(in the right of the upper row) and wh-questions (in
the right of the bottom row) of Figure 1, the values
are presented in a z-score distribution. The main
difference between these contours is found in the
prenuclear region in which the first stressed syllable
of the wh-question is located two standard deviations
below the mean, whereas in the wh-exclamation, this
syllable is between one standard deviations above the
mean and two standard deviation below the mean,
which indicates more variation compared to the whquestion. Both contours showed a similar duration
distribution in the nuclear region of the sentence.
The phonetic description of our data set indicates
that wh-questions and wh-exclamations have
different behaviours and that they are best
distinguished by the F0 movements plus the intensity
patterns.

combination of the eyebrow lowerer (AU 4) along
with head turning right (AU 52) in the production of
wh-questions, whereas raising the lip corner (AU 12),
parting the lips (AU 25) and moving the head up and
down (AU 85) are relevant AUs for wh-exclamations.
The main difference between these two speech acts is
related to the eyebrow lowering in the wh-question
production and the smile observed in the whexclamation, as shown in Figure 2:
Figure 2: Stills of a female speaker reproducing the whquestion (above) and the wh-exclamation (below).

2.4 Data visual analysis

Since the audiovisual material of our work recorded
the front view of the speaker, the FACS (Facial
Action Coding System) manual [6] was used to
describe the momentary changes in each speakers’
face while he produced the wh-question and whexclamation intonational contours. Based on a prior
visual analysis [13], the following 20 Action Units
(AU, henceforth) were selected for a restricted
annotation of the facial expressions: inner brow raiser
(AU 1), outer brow raiser (AU 2), brow lowerer (AU
4), upper lid raiser (AU 5), cheek raiser and lid
compressor (AU 6), lid tightener (AU 7), lip corner
puller (AU 12), lip corner depressor (AU 15), chin
raiser (AU 17), lips part (AU 25), blink (AU 45), head
turn left (AU 51), head turn right (AU 52), head up
(AU 53), head down (AU 54), head tilt left (AU 55),
head tilt right (AU 56), head forward (AU 57), head
back (AU 58) and, finally, up and down head
movement (AU 85).
Two of the authors annotated the AUs of forty
videos (two repetitions of the two sentence types
produced by 10 speakers) during the production of the
speech acts. In order to measure the agreement
between the two authors, Cohen's kappa was
measured and showed a significant agreement
(k=0.56). The analysis revealed that the visual cues
that distinguish questions from exclamations are the
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Based on the acoustic and visual analysis, we
expect that Brazilian listeners would rely on these
cues to recognize wh-questions and wh-exclamations
both auditorily and visually.
3. PERCEPTUAL EXPERIMENT
The goal of the perceptual experiment was to verify
the relative importance of the visual channel in
relation to the auditory channel in signalling the
distinction between the intonational contours of whquestions and wh-exclamations in Brazilian
Portuguese.
3.1. Participants

In the perceptual experiment, 60 Brazilian graduate
and undergraduate students took the survey on the
computers of the Laboratory of Acoustic Phonetics at
UFRJ. For each of the three experimental conditions,
a new group of listeners was recruited; hence there
were 20 participants per condition. Their mean age
was 21.2 years old. All participants were native BP
speakers with no hearing or sight deficits. In addition,

the auditory conditions of the experiment required the
use of a headset.
3.2. Stimuli and procedure

Taken from the visual data previously mentioned, 40
videoclips were presented in three experimental
conditions in the perceptual test: audio only, video
only and audiovisual, which resulted in 120 stimuli
(40 stimuli per condition). The Qualtrics platform
[15] was used to set up the experiment as well as to
present the instructions and collect the answers. On
the Qualtrics platform, the stimuli were presented one
by one, randomly in an experiment run, for each
participant. Participants had to decide, for each
stimulus, whether the sentence Como você sabe was
expressed as a question or as an exclamation. Subjects
knew beforehand they would see, hear, or see and
hear speakers producing a wh-question or a whexclamation. The progression was shown in a bar
located at the top the screen. There was a set of 40
trials for each experimental condition. A typical
experiment run lasted 10 to 15 minutes.
3.3. Results

Figure 3 gives the outcome of the perceptual
experiment which shows the recognition of whquestions and wh-exclamations above the chance
level (50%) for the three experimental conditions:
Figure 3: Mean ratio of good recognition of whexclamations (Wh-E) and wh-questions (Wh-Q) obtained
in each presentation modality: audiovisual (AV), audio
only (AU) and video only (VI). The horizontal dashed bar
represents the level of chance guessing (50%) between
both answers.
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Wh−Q

ratio of correct identifications

1.00

0.75

0.50

0.25
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Conditions

The results were expressed as “false” or “good”
answers, depending on whether the subject managed
to identify the intended speech act (wh-question or
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wh-exclamation) based on the presented stimulus.
The answers were aggregated across the ten speakers
in order to obtain a success ratio, for each of the three
presentation modalities (MOD: audiovisual, audio
only and video only) and each speech act (ACT: whquestions/wh-exclamations) and their interaction.
This ratio served as the dependant variable and was
analysed using a logistic regression with
quasibinomial error in order to deal with
overdispersion in residuals based on two categorical
explanatory variables (MOD and ACT).
Both the modality and the speech act factors had a
significant impact on the way listeners judged the
speech act of the sentence (Act: F(1,116) = 36.51,
p<0.001; Mod: F(2,117) = 23.81, p<0.001). A post-hoc
Tukey test was applied to the modality factor to check
for differences between levels. The results
demonstrated that the audiovisual (AV) modality
received significantly higher recognition levels than
the audio (AU) and the visual (VI) presentations that
do not significantly differ. The logistic regression
showed that the interaction between both factors
(MOD and ACT) is not significant (F(2,114) = 0.49,
p=0.61).
4. CONCLUSION
The results of our study indicated that wh-questions
and wh-exclamations in Brazilian Portuguese can be
distinguished both auditorily and visually. The
acoustic description showed that, in the prenuclear
region of the contours, there is a higher F0 attack in
the wh-questions, and, in the nuclear region,
especially in the stressed syllable, wh-questions
present a steep falling F0 movement, whereas in the
wh-exclamations, this steep falling F0 is slighter. In
addition, specific intensity patterns were found for
both intonational contours. In the visual analysis,
Brazilian speakers used different Action Units to
express these speech acts (lowering the eyebrow and
turning the head right for wh-questions and raising
the lips corner plus moving the head up and down for
wh-exclamations). Finally, this work has shown that
Brazilian listeners also rely on the visual channel to
interpret the intonational contours of wh-questions
and wh-exclamations. The results of the perceptual
experiment can be summarized as follows: the
audiovisual (AV) condition presented a higher overall
recognition rate compared to the auditory (AU) and
visual (VI) conditions. Hence, the current study
confirms that adding visual information (facial
gestures) improves the recognition of wh-questions
and wh-exclamations intonational contours. These
results provide evidence to support the fact that the
distinction of utterance types in speech perception is
multimodal [4].
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ABSTRACT
One of the main uses of intonation form is to signal
pragmatic information. Recent research on
intonational meaning has shown that epistemic
information about propositional content of utterances
within a discourse can also be tonally encoded. The
purpose of this study is to investigate whether speaker
certainty about the answer to a polar question can be
recovered by listeners of Salerno Italian and whether
identification is affected by tune type. In an online
perception survey, three similarly frequent polar
question tunes were rated according to degree of
perceived speaker certainty relative to the question
response. Results support the hypothesis that tune
type affects degree of certainty perception. The study
also supports the hypothesis that additional factors –
both sociophonetic (i.e., living abroad) and
idiosyncratic – might affect variability in intonation
perception within a language community.
Keywords: Question intonation, Salerno Italian,
epistemic bias, individual variability, perception.
1. INTRODUCTION
It is widely acknowledged that intonation is an
essential element for communication and an integral
part of language grammar. However, several issues
regarding its role in the expression of linguistic
functions are still under debate. A hotly debated issue
is the stability of the mapping between intonation
form and pragmatic meaning.
Most of the research on intonational meaning
couched within the Autosegmental-Metrical
framework builds on [18], which assigns a specific
abstract meaning to single tones, and with the
intonation to meaning mapping being stable across
contexts and speakers. Moreover, in this approach,
the pragmatic meaning of the utterance as a whole
builds up in a compositional way, by adding the
meanings of each tonal constituent. [18] has also
highlighted the property of tones to express the
relationship between the propositional content of an
utterance and mutual beliefs of discourse participants,
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paving the way for investigating the dialogical status
of intonation and the tonal signalling of speaker and
listener epistemic disposition towards the proposition
expressed in an utterance. Specifically, the type of
epistemic disposition explored in the present study is
the degree of speaker commitment towards the
proposition expressed in a yes/no question, that is the
degree of certainty, or epistemic bias, with respect to
the expected answer to the question.
The link between intonation and epistemic
commitment has been recently shown for different
languages. As for English, [2] provides a
compositional account of statements and questions,
linking the use of a L- phrase accent to the expression
of assertiveness of the proposition expressed. On the
other hand, [12] provides a semantic account of rising
and falling declaratives, linking the tonal
configuration to commitment to the propositional
content either on the part of the speaker or of the
hearer. As for Romance languages, evidence has been
provided for Catalan [19], in which question
intonation appears to be linked to both speaker
commitment and agreement among participants.
Similarly, for Bari Italian [21], pitch accent choice
has been argued to be crucial for differentiating
neutral information-seeking questions from biased
questions.
However, recent research has also shown that
individual variability needs to be taken into account
when dealing with the relationship between
tones/tunes and their meaning within a language
community. For example, [8] shows that the mapping
between intonational form and pragmatic function is
far from being stable, given the absence of a one-toone relationship. Additionally, [11] reports the
presence of speaker-specific strategies in the tonal
encoding of informative foci in German.
The present study reports the results of a
perception survey testing whether degree of speaker
certainty in answering yes/no questions can be
perceptually recovered from intonational cues in
Salerno Italian (SI). Differently from other Italian
regional varieties, the intonational system of SI has
only recently been investigated. An account of the

intonation of SI polar questions is reported in [17],
where three main phonological tunes have been
attested. On the one side, we found two rise-falls, i.e.
L*+H L-L% and L+H* L-L%, whose phonological
contrast depends on the alignment of the H target
within the nuclear pitch accent (one early and the
other late with respect to vowel onset), while having
the same falling boundary; on the other, we also
found a rise-fall-rise, i.e. L+H* L-H%, presenting an
early peak accent and a rising boundary tone (Fig. 1).
Crucially, the distribution of these tunes reported in
our previous study appears to be also dependent on
individual speaker variability rather than on mere
pragmatic function.
Figure 1: F0 contours for the yes/no question Sono
le nove? “Is it nine o’clock?” uttered with a L*+H
L-L% (top), L+H* L-H% (middle), or a L+H* LL% (bottom) tune.

the speakers to cope with the uncertainty deriving
from the variability of the speech signal, therefore, by
assuming that phonetic variation is systematic rather
than random [13]. The effects that social features
have on phonetic production might be mirrored in
perception and shape the way listeners make
inferences about speakers’ intentions. Here we
employed a perception survey to test the effect of
exposure to other varieties of Italian or languages,
hypothesizing that phonological traces from past
experience with other systems might affect the
perception of the native variety, as predicted by
exemplar-based models [10] and supported by
imitation studies [5, 7].
The specific hypotheses we test are: 1) degree of
speaker certainty about the answer is conveyed by
question tune choice, and 2) perception of speaker
certainty relative to a particular tune is not stable, but
depends on listeners’ prior exposure to other
phonological systems [7, 16]. Since Italian varieties
are very different from each other in their intonational
phonology [9], we tested the effect of having lived
outside of Salerno for at least one year.
2. METHOD
2.1. Experimental stimuli

The experimental stimuli were produced by a female
native speaker of SI. 24 target items were recorded
using the 3 question tunes described above, i.e. L+H*
L-H%, L*+H L-L%, and L+H* L-L%, amounting to
a total of 72 stimuli. Each item was composed of a
verb and a trisyllabic object, with the nuclear pitch
accent being always aligned with the antepenultimate
syllable of the object (Stai cercando le MANdorle?,
‘Are [you] looking for the almonds?’). The 72 stimuli
were distributed in 3 lists, each containing 24 target
stimuli. Each tune appeared 8 times in each list while
each item appeared only once in the same list.
2.2. Participants

We recruited 45 listeners (23 males), aged from 21 to
71 (median: 27). All participants were native speakers
of SI and all of them were living in Salerno at the time
of the experiment.
2.3. Experimental procedure

Variability of phonetic categories at the individual
level raises the question of how listeners manage to
decode a potentially ambiguous message. Recent
work has proposed a model for quantifying how
listeners rely on the covariation of phonetic cues and
socio-indexical features (age, gender, and dialect) of
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The experiment was submitted to the listeners
through an online research platform (Gorilla.sc).
After the explanation and demonstration of the task,
each listener was randomly assigned to one of the
three lists of stimuli. The listeners were to judge the
stimuli according to perceived speaker certainty
about the answer to the question utterance, using a

slider ranging from 0 to 100 (0 = ‘She expects no’;
100 = ‘She expects yes’).
Participants were also asked to fill a
sociolinguistic questionnaire. Among the items, we
asked whether they had lived outside of Salerno for a
period of 12 months or longer.

Figure 2: Speaker Certainty scores by Tune Type
and Other Cities.

2.4. Statistical analysis

Speaker certainty (100-point scale, treated as
continuous) was analysed using mixed-effect
regression models in R [20], using the packages lme4
[3] and afex [22]. The model included Tune type (3
levels), List (3 levels), and Other cities (having lived
or not in another city, 2 levels) as fixed effects. We
followed the suggestions of [1] and first tested the
maximal random effect structure allowed by the
design by including Listeners and Items as random
intercepts and slopes for the effect of Tune type.
Given that the maximal model did not converge, we
then suppressed correlations among random
parameters1.
General effects were obtained using the function
mixed from the package afex, using the KenwardRoger approximation for fixed-effects testing.
3. RESULTS
Results are shown in Fig. 2. First, the model revealed
a significant main effect of Tune type, F(2, 32.07) =
4.87, p < .01. Further inspection of the differences
among levels of this factor were conducted through
pairwise comparisons adopting the Bonferroni
correction for p-values, using the package lsmeans
[14]. Overall, L*+H L-L% received lower certainty
values, however the only pair of tunes that yielded
significantly different results was L*+H L-L% vs.
L+H* L-H% (Est. = 6.23, SE = 1.96, t = 3.16, p <
.01), while the inspection of the other two contrasts
revealed no significant difference.
The model also revealed a significant main effect
of Other cities, F(1, 47.32) = 5.89, p < .02. No
statistical significance was obtained, on the other
hand, for the interaction between Tune type and Other
cities, nor for the main effect of List.
Note also that listeners who lived in other cities
globally rated all stimuli with a lower certainty value
of about 14 points relative to all other listeners,
regardless of Tune type. The responses within this
group were also more variable, as it can be noticed
from the size of the boxes in Fig. 2. We hence tested
equality of the coefficients of variation between the
two groups through the Asymptotic test and the
Modified signed-likelihood ratio test (M-SLRT), both
1

Retained model: Certainty score ~ Tune * Other cities *
List + (Tune || Participants) + (Tune || Item).
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available in the package cvequality [15]. The
summary of the tests is reported in Table 1, showing
a significant difference in variation across the two
conditions.
Table 1: Summary of tests on the equality of
coefficients of variation in Certainty score by Other
cities

Test name
Asymptotic
M-SLRT

Test statistics
110.6385
77.1975

p-value
<.001
<.001

3.1. Random intercepts for individual listeners

Fig. 3 reports the plot of intercept values for
individual listeners.
Figure 3: Intercept values of Speaker Certainty
scores for each individual listener. A: L+H* L-H%;
B: L*+H L-L%; C: L+H* L-L%.

Note that, despite the global effect of Tune type
reached significance, listeners behaved quite
differently from each other. In particular, only 31.1%
of our listeners followed the exact trend registered in
the model (Certainty score: L*+H L-L% < L+H* LL% < L+H* L-H%). Specifically, 57.7% of the
listeners assigned a higher Certainty value to early
peak accent tunes, while more than 40% of listeners
assigned a lower value to the early peak pitch accent
tunes.
4. DISCUSSION
In this study, we tested the effect of 3 Salerno Italian
yes/no question tune types, i.e. L*+H L-L%, L+H* LL%, and L+H* L-H% on perceived speaker’s
epistemic stance, i.e. degree of certainty about the
answer to a yes/no question. Our results suggest that
tune variability systematically affects listener’s
judgments. In particular, the late peak accent tune
with a low boundary scored significantly lower than
the early peak pitch accent tune with a high boundary,
while the early peak accent tune with a low boundary
received an intermediate score. Our findings are
consistent with those reported for Bari Italian, in
which early peak pitch accents correlate with
positively biased yes/no questions [21]. These results
point to the fact that, despite the great variability
observed in intonation across Italian varieties, also
reported by [9], inter-variety commonalities at the
pragmatic level can still be found. Nevertheless,
differently from Bari Italian where pitch accent alone
is argued to signal speakers’ bias, in SI an early peak
pitch accent signals speaker certainty only if in
combination with rising boundary tones. Indeed, our
results seem to point towards the fact that it is the
whole tune, rather than the single tone, that is
employed to extract epistemic bias. Further evidence,
however, is needed to better address this question.
Additionally, also exposure to other phonological
systems seems to have an effect: listeners who lived
in other cities for a period longer than one year
assigned lower certainty scores to all tunes while also
showing greater variability in the responses. This
seems to point to a permeability in the intonation
grammar that might lead to retuning of categories, as
found in imitation and selective perception studies [5,
7, 24].
These results are also in line with what has been
reported in second language learning studies.
Specifically, the idea that the ability to reshape one’s
phonological system is not lost in adulthood is a
fundamental claim behind some of the L2 learning
models, such as the Speech Learning Model [6] and
the Perceptual Assimilation Model for L2 [4]. In
particular, [4] predicts that listeners’ perception of
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phonetic information is a dynamical system and the
contact with other languages or even other dialects of
the same language can lead to perceptual changes.
Also, perceptual changes usually appear very fast,
after only 6-12 months of exposure to the new system,
which is about the same minimal amount of time that
our listeners spent living in other cities.
Despite [4]’s claims refer to segmental phonetics,
we have no reasons to believe that the same might not
apply to intonation categories. Firstly, some of the
assumptions in [4], such as the assimilation of a nonnative category to a native one, have been
successfully tested also for lexical tones, showing that
the mechanisms involved in the perception of nonnative segments are also exploited for
suprasegmentals [23]. In addition, evidence for the
effects of a second language on first language
intonation production are provided by [16]’s study on
tonal alignment in Dutch non-native speakers of
Greek, in which L2 experience leads to bidirectional
influences on tonal alignment values, i.e.
modifications in the way tonal categories are realized
in L1 and not simply in L2.
Finally, our results point to differences in the
behaviour of individual listeners within the general
population, which are harder to account for. We can
speculate that most of the individual differences
observed in our study might depend on cognitive and
other sociophonetic aspects on which future work
should be conducted.
5. CONCLUSION
A perception study tested the relative impact of tune
type on perceived epistemic stance (speaker certainty
relative to the answer to a yes/no question) and its
relation to both sociophonetic and individual
variability in SI. Results revealed that different tunes
are systematically linked to different degrees of
perceived speaker certainty, despite a great amount of
individual variability, whose sources still remain
unexplained and should be investigated in cognitive
models.
In addition, an effect of sociolinguistic variables was
registered. In particular, we report the effect of group
differences related to contact with other varieties,
given that one of the two listeners groups included
speakers having lived in other cities than Salerno for
more than a year. Although further research is needed
to better account for the contribution of intonation in
expressing epistemicity in SI, our findings clearly
underline the role of both sociophonetic and
idiosyncratic factors. This is in line with the idea that
a direct link between intonational form and
pragmatic/epistemic meaning cannot be uniformly
modelled within a language community.
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ABSTRACT
In tasks involving spoken language comprehension,
prosodic cues serve as a guide to correct linguistic
processing. In a statement, for instance, a set of
prosodic cues is used to segment and organize speech
into intonational phrases (IP) and phonological
utterances (U). Though these two highest prosodic
constituents are delimited by the same set of cues,
their respective boundaries coincide with different
syntactic boundaries. The present study investigated
phonetic differences between boundaries associated
with these constituents and aimed to provide evidence
of detection of these differences by way of an ERP
experiment examining Closure Positive Shifts (CPS).
The results revealed prosodic cue differences
between IP and U boundaries, as reflected in acoustic
parameters. CPSs were elicited in response to
processing of these boundaries that were modulated
as a function of the prosodic cue differences between
them. This result is further evidence that, in speech
comprehension, listeners are sensitive to prosodic
cues.
Keywords: Speech Comprehension; Prosodic Cues;
Prosodic Boundary; CPS.
1. INTRODUCTION
Written language generally has a clear structure, due
to the use of typographic conventions such as
punctuation marks, like commas and periods. Speech,
however, involves a fleeting series of connected
sounds, with no obvious boundary markers. There are
specific mechanisms that are used to signal the
structure of spoken discourse, nonetheless. Several
studies have shown that prosody is often used to
organize speech into a series of hierarchically
arranged, coherent macro units [19], [8], [9].
Attempts to provide phonological evidence to support
prosody as a guide in structuring speech led to the
development of Prosodic Phonology theory [21],
[15], [13] which proposes that the flow of speech is
organized into a finite set of phonological units, or
“prosodic constituents”, composed of hierarchically
arranged components from lowest to highest, as
follows: syllable (σ), foot (Σ), phonological word (ω),
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clitic group (C), phonological phrase (ɸ), intonational
phrase (IP) and phonological utterance (U).
With respect to the existence of a systematic
difference between IP and U, [16] marked them as
distinct on the basis of differential application of
certain phonological rules. Importantly, U consists of
at least one IP, and usually extends through the length
of the string dominated by the highest node in the
syntactic tree, thus being referred to as Xn. However,
U is not simply the phonological counterpart of Xn
since it can combine two or more sentences into a unit
of a greater level.
Studies on Brazilian Portuguese (henceforth BP)
propose that the IP boundary (henceforth IPB) and U
boundary (henceforth UB) are marked mainly by
three major prosodic cues: final lengthening [22],
pitch variation [26] and, although not required, a
pause [5]. Since the role of prosody as a device in
structuring spoken discourse is well described with
respect to production, this study aims to investigate
its impact in perception from a neurocognitive
perspective.
With the advent of techniques such as EventRelated Potentials (henceforth ERPs), [24] first found
the Closure Positive Shift (CPS) ERP response for the
processing of IPBs. The majority of CPS studies
supports that acoustic prosodic cues are primarily
responsible for the generation of the CPS [4], while
linguistic cues modulate its features [11]. In order to
investigate further the modulation of the CPS, we
measured and compared it at IPB and UB.
2. METHOD
2.1. Stimuli

2.1.1 Design of contexts
The experimental items consist of statements that
contained an IPB and UB. Three versions of each item
were created. The first version (Type A) was the basis
for the other two versions (Type B and Type C) as
follows in Table 1, where (#) stands for IPB, (#*) for
“no IPB” - NIPB -, (%) for UB and (%*) for “no
UB”- NUB -. The analyses only focus on “target
words” shown in Table 1 in bold italic font. These
words were always a trisyllabic verb complement,

presenting with a paroxytone stress pattern (indicated
in uppercase in the penultimate syllable). A total of
120 experimental items were selected after a norming
study (with 30 students, native speakers of BP) to
ensure the naturalness and acceptability of the items.
In addition, 120 fillers were created.
Table 1: Example of experimental item.

0.01; (***), for p≤ 0.001. This illustration is related
with the fact that ERP responses are time-locked to
the onset of the stressed syllables of “target words”,
as detailed in the following “EEG experimental
paradigm” subsection of this study.
2.2 EEG experimental paradigm

2.2.1 Participants

Type A
Assim que Paula viu sua aMIga # ela fechou a jaNEla % Foi
abrir a porta.
(As soon as Paula saw her friend, she closed the window. She then
opened the door)
Type B
Assim que Paula viu sua aMIga #* de infância # ela fechou a
janela % Foi abrir a porta.
(As soon as Paula saw her childhood friend, she closed the
window. She then opened the door)
Type C
Assim que Paula viu sua amiga # ela fechou a jaNEla %* da sala
% Foi abrir a porta.
(As soon as Paula saw her friend, she closed the living room
window. She then opened the door)

Thirty volunteer students (15 males; mean age: 24.3
years; SD= 3), native speakers of BP, from the
Federal University of Alagoas (henceforth, UFAL),
participated in the ERP experiment. They were righthanded with no hearing disorder or previous history
of neurological or psychiatric disorders based on selfdeclaration.
2.2.2 EEG recording procedure

2.1.2 Stimuli recording
A male professional announcer, native speaker of BP,
recorded the stimuli using an omnidirectional
microphone in adequate acoustic conditions with a
normal speech rate (M = 5.589 syllable per second
(syll/s), SD= 0.4), consistent with previous average
speech rates (ranging from 3.2 to 5.5 Syll/s) for a
native fluent speaker of BP [17], [14]. The recording
was digitized at 44100 Hz with a bit depth of 16 bits
per sample.
2.1.3 Acoustic analyses
We ran a Praat [1] script called “Analyse_tier” [10] to
measure and compare prosodic cues associated with
the stressed syllables, marking IPB, NIPB, UB and
NUB, which we categorized as follows, respectively
(where “Str” stands for stressed syllable): (i) Str_IPB;
(ii) Str_NIPB; (iii) Str_UB; (iv) Str_NUB. We
recorded syllable lengthening, pitch variation, mean
values of fundamental frequency (F0) and intensity.
The data for each cue were subjected to two-sample
t-tests. An overview of the results is presented in
Table 2, where (*) stands for p≤ 0.05; (**), for p≤

The experiment was conducted at UFAL. We used a
Geodesic EEG System 400 (with a HydroCel Sensor
Net of 256 channels), relying on the enhanced 10-20
system. Experimental stimuli along with filler items
were presented in a pseudorandom order via
headphones (Sennheiser hd280 pro) using E-Prime,
in blocks of 40 items of no more than 5 minutes, with
rest pauses between blocks and the constraint that the
same type of stimulus was not presented twice in a
row. The sound loudness was controlled and set at 22
% of the maximum volume of the computer sound
card for all the participants. For each participant, 5 %
of the stimuli were randomly followed by a written
prompt (a word). In the task, the participants were
asked to indicate via a key press if the prompted word
was present or absent from the immediately preceding
stimulus. This task was given to ensure that the
participants were paying attention while listening to
the sentences. Participants had to look at a fixation
point to avoid eye-movements and blinks until the
offset of a stimulus.
Electrodes were adjusted till their impedances
were kept below 5kΩ. EEG data were recorded along
with trigger codes, with a high-pass filter at 0.1 Hz
and sampling rate set at 1000 Hz. The online
recording reference for all sensors was Cz.

Table 2: Statistical analysis results of comparison of acoustic analysis data associated with IPB, NIPB, UB and NUB.
Comparisons of
stressed syllables
Str_IPB vs. Str_NIPB
Str_UB vs. Str_NUB
Str_IPB vs. Str_UB

Lengthening (z-score)
t (df)
Mean (SE)
10.4 (238)***
1.1 (0.05) vs. 0.2 (0.05)
6.9 (238)***
0.7 (0.05) vs. 0.2 (0.03)
2.5 (238)**
1.1 (0.05) vs. 0.9 (0.05)

Pitch variation (Hz)
t (df)
Mean (SE)

Mean F0 (Hz)
t (df)
Mean (SE)

4.3 (236)***
10.3 (0.7) vs. 15.9 (1)

16.6 (236)***
84.7 (0.7) vs. 116 (1.7)
12.1 (236)***
100.4 (0.9) vs. 84.7 (0.7)
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Mean intensity (dB)
t (df)
Mean (SE)
3.5 (238)***
75.9 (0.2) vs. 74.6 (0.2)
5.9 (237)***
72.9 (0.2) vs. 75.1 (0.2).
8.1 (239)***
75.9 (0.2) vs. 72.9 (0.2)

Figure 1: Grand averaged ERPs at Cz electrode for IPB vs. NIPB and UB vs. NUB.

2.2.3 Measuring and analysing the ERPs
In offline analysis, the EEG data were filtered using a
digital low-pass filter (30Hz) and re-referenced to an
average reference. Ocular artefact correction was
performed using independent components analysis
(ICA) as implemented in EEGLAB (‘eeg_runica’
function) [6]. Independent components with known
features of eye blinks (based on activity power
spectrum, scalp topography, and activity over trials)
were identified visually for each participant. The
contributions of these components were then
removed from the epoched EEG data. Artefacts were
detected and removed automatically by using a
moving window peak to peak procedure, with a 200

ms moving window, a 100 ms window step, and a 100
μV voltage threshold.
Artefact-free EEG segments were divided into
sections (epochs) of -200 ms to 2000 ms, relative to
the onset of the stressed syllables of the “target
words”. ERPs were time-locked to the onset of the
stressed syllables of the “target words”. This
approach was adopted following [3] that considered
the last stressed syllable as the “onset of the prosodic
boundary”, and as the theoretically most appropriate
time-locking point for the CPS analysis. Epochs were
averaged to produce an ERP for each prosodic
boundary condition. Individual ERP waves were
averaged to get grand averaged ERPs for each
condition.

Table 3: Significant effects of ANOVAs for mean amplitudes across time-window of [400–1200 ms] for the CPS
component of ERPs.
Midline electrodes
F(df)
Mean (SE) (µV)
B vs.
NB

Tws (ms)

Effect

400 – 600

Cond
Cond × Boun
IP

4.2 (1,348)*
5.5 (1,348) **
10.5 (1,178)**

Cond
Cond × Elec
Cz
Pz

23.2 (1,348)***
3.9 (2,348)*
19.4 (1,118)***
12.6 (1, 118)**

600 – 800

800–1000

Cond
Cond × Elec
Cz
Pz

9.7 (1,348 )***
4.4 (2,348)**
11.2 (1,118)**
9 (1,118)**

Lateral ROIs
Effect

F(df)

Mean (SE) (µV)
B vs.
NB

0.2 (0.08) vs. -0.1 (0.07)
0.3 (0.1) vs. -0.14 (0.11)

0.6 (0.10) vs. 0.03 (0.08)
1.05 (0.1) vs. 0.01 (0.1)
0.5 (0.14) vs. -0.1 (0.1)

0.4 (0.1) vs. 0.007 (0.08)
0.7 (0.18) vs. -0.02 (0.15)
0.44 (0.15) vs. -0,1 (0.14)

1000–1200
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Cond
Cond × Hem
Right Hem
Cond × Boun
IP

10.2 (1,1896)**
11.9 (1,1896)***
19.9 (1,958)***
6.6 (1,1896)**
9.9 (1,958)***

0.05 (0.0) vs. -0.14 (0.04)

Cond
Cond × Hem
Right Hem

31.6 (1,1896)***
14.6 (1,1896)***
40.5 (1,958)***

0.16 (0.05) vs. -0.22 (0.04)

Cond
Cond × Hem
Right Hem
Cond × Loca
Anterior Loca
Central Loca

32.3 (1,1896)***
6.7 (1,1896)**
31.4 (1,958)***
9.18 (2,1896) ***
25.8 (1,718)***
10.4 (1,238)**

0.24 (0.05) vs. -0.19 (0.05)

0.24 (0.0) vs. -0.17 (0.06)
0.14 (0.07) vs. -0.14 (0.05)

0.37 (0.07) vs. -0.27 (0.06)

0.38 (0.08) vs. -0.24 (0.07)
0.34 (0.1) vs. -0.4 (0.1)
0.4 (0.1) vs. -0.13 (0.1)

Since the pairs of conditions – IPB vs. NIPB and
UB vs. NUB – contained the same lexical and
prosodic information up to the onset of the stressed
syllables of the “target words”, the comparisons of
grand averaged ERPs in our time-windows [0−2000
ms] would reflect the processing of prosodic cues
marking the IPB and UB.
3. RESULTS
Grand Averaged ERPs at the Cz electrode for IPB vs.
NIPB and UB vs. NUB, are presented Figure 1A and
Figure 1B. The boldened arrows above the words at
the top of the figure indicate the time-locking point to
measure the ERPs and the stressed syllables of “target
words”, which are in uppercase. From the lowest
positive point after the initial negativity peak, we
observed a broad positive deflection, as marked by
the arrows in Figure 1A and Figure 1B, for IPB (from
~500 to 1200 ms) and UB conditions (from ~600 to
1100 ms). We assumed this is the CPS.
For both the IPB and UB conditions, the CPS
effects were observed at midline, and largely over
right hemisphere, central and anterior locations. The
later positivity in the NUB condition is the CPS effect
associated with the subsequent utterance boundary
(indicated with % in Figure 1B). Statistical analysis
substantiated the findings, as presented in Table 3
(where Tws = time-windows; B = boundary
condition; NB = “no boundary” condition; Cond =
condition; Hem = hemisphere; Elec = electrode;
Boun= boundary; Loca = location; × = interaction. (*)
stands for p≤ 0.05; (**), for p≤ 0.01; (***), for p≤
0.001).
4. DISCUSSION AND CONCLUSION
The findings showed differences in the strength of the
prosodic cues between IPB and UB stimuli, consistent
with the literature [26], [7], [22], [5], indicating that
from the perspective of production, prosodic
boundaries at different levels of the prosodic
hierarchy are characterized differently. Behavioral
findings revealed CPS effects in response to
processing of IPB and UB when contrasted against
the absence of these boundaries. Prior to the CPS, the
“initial negative peak” we found is considered the
pre-CPS negativity also observed in previous studies
[18], [12], [2], [20]. This “early negativity” may be a
consequence of the processing of early prosodic cues
marking prosodic boundaries.
The scalp distribution of the CPS reported for both
the IPB and the UB at midline, and predominantly
over right hemisphere, central and anterior locations,
indicates that there is a similarity in processing of IPB
and UB. In addition, we observed early onset latency,
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longer duration and relatively higher amplitude for
IPB stimuli. A plausible account for the onset latency
and amplitude differences might be that the stronger
cues in the IPB condition (as reflected in the acoustic
analyses) led to faster processing of that boundary
IPB. As for the duration, the difference may be
attributable to the pre-final syllable lengthening
difference for IPB as compared to UB. Taking the
whole discussion into consideration, we may
conclude that the amplitude, onset latency and
duration of the CPS effects reflected the extent to
which acoustic prosodic cues were perceived, in
keeping with previous findings [25], [23].
This study presents evidence for the fact that, in
speech comprehension, listeners are sensitive to
prosodic cues of different constituent levels, namely,
the intonational phrase (IP) and the utterance (U) in
BP. This was observed through the examination of the
prosodic differences between the boundaries
signaling the two constituents, and the analysis of
neurophysiological responses to processing of cues
signaling them by way of an experiment inspecting
the Closure Positive Shift (CPS). The study
contributes to the research fields of speech processing
and spoken language comprehension by providing
evidence for the difference in processing utterancefinal and phrase-final prosodic boundaries (as
reflected in the different parameters of CPS
components observed at the two distinct boundaries).
The comparison of the two CPS responses is a
relevant contribution to the field, providing insight
into the neurocognitive processes at hierarchically
and prosodically different phrasal constituents.
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ABSTRACT
There are many research tools which are also used
for teaching the acoustic phonetics of speech rhythm
and speech melody. But they were not purposedesigned for teaching-learning situations, and some
have a steep learning curve. CRAFT (Creation and
Recovery of Amplitude and Frequency Tracks) is
custom-designed as a novel flexible online tool for
visualisation and critical comparison of functions
and transforms, with implementations of the Reaper,
RAPT, PyRapt, YAAPT, YIN and PySWIPE F0
estimators, three Praat configurations, and two
purpose-built
estimators,
PyAMDF,
S0FT.
Visualisations of amplitude and frequency envelope
spectra, spectral edge detection of rhythm zones, and
a parametrised spectrogram are included. A selection
of audio clips from tone and intonation languages is
provided for demonstration purposes. The main
advantages of online tools are consistency (users
have the same version and the same data selection),
interoperability over different platforms, and ease of
maintenance. The code is available on GitHub.
Keywords: tone, intonation, rhythm zone, f0
estimation, pitch extraction, prosody visualisation
1. INTRODUCTION
There are several excellent tools which are often
used not only for research but also for teaching the
acoustic phonetics of speech rhythm and speech
melody. The most popular and versatile is Praat [4].
An advantage of Praat is the conceptually clear, but,
for most new users, unfamiliar object+methods user
interface. Other tools such as WinPitch [25] and
Annotation Pro [23] have familiar user interfaces but
are platform-restricted, or are strictly purposed, such
as ProsodyPro [41], while tools such as WaveSurfer
[32] are dedicated research environments. These
tools are offline applications, with the advantage of
efficiency and the disadvantage of version plurality.
The online and platform-independent CRAFT
(Creation and Recovery of Amplitude and
Frequency Tracks) visualisation tool was developed
to overcome some of the drawbacks noted above,
and to focus on teaching-learning environments in
linguistic and acoustic phonetic pedagogy (as
opposed to pronunciation teaching). CRAFT is solely

a parametrised visualisation tool, not a full phonetic
workbench. The pedagogical motivation for
developing CRAFT as an easy-to-use and interoperable online tool stems from ‘how does it work’
questions in advanced acoustic phonetics classes,
from an explicit requirement to instil a critical and
informed initial understanding of the strengths and
weaknesses of different speech signal visualisations,
and from a practical need for an easily accessible
tool for distance tutoring and face-to-face teaching,
usable on laptops, tablets and smartphones.
The specifications of CRAFT are described in
Section 2, with use cases of F0 estimation, envelope
spectral analysis (‘rhythm’ modelling) and algorithm
evaluation in Sections 3, 4 and 5, and a summary
and an outlook outline in Section 6.
2. SPECIFICATION
2.1. Use cases
The main visualisations provided by CRAFT are:
1. speech melody: selected F0 estimation (‘pitch’
tracking) algorithms, with a parametrisation option,
2. rhythm: amplitude and frequency envelope spectra.
The primary criteria for the choice of an online
teaching tool are, assuming browser interoperability:
1. there is no version inconsistency at any given time,
2. users are not restricted to specific computer types,
3. interoperability of the software extends to tablets
and (with screen size limitations) mobile phones,
4. ubiquity in distributed distance learning is given,
5. protocols of algorithm performance can easily be
created and collated,
6. maintenance is facilitated by server-side operation.
2.2. Architecture (GUI and system)
Interaction with CRAFT is via a standard HTML
input form, divided into five panels (cf. The online
demonstration1 and Figure 1):
1. the main input frame, with parameters for signal
processing, in particular F0 estimation,
2. three frames for amplitude and frequency
modulation, demodulation and comparison of
performance of F0 extractors and components,
illustrations of filter types, Fourier and Hilbert
Transforms, and a parametrised spectrogram,
3. the output display frame.
1 http://wwwhomes.uni-bielefeld.de/gibbon/CRAFT/
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Figure 1: CRAFT graphical user interface: parameter
input frame (top) showing 9 F0 extractor algorithms;
amplitude demodulation (left upper mid); F0
estimator comparison (left lower mid); filter,
transformation, parametrised spectrogram (left
bottom); output frame (lower right).

2.3. Implementation
CRAFT is designed and coded as a client-server
HTML-CGI application in Python 2.7, The S0FT,
PyAMDF, FastYIN, PyYAAPT, PyRapt and
PySWIPE F0 estimators and most other routines are
coded in Python 2.7 and interoperable on all major
platforms. Exceptions are precompiled binaries for
the Reaper, RAPT and Praat F0 estimators with
Python wrappers, which currently run only under
Linux. Python has a relatively shallow learning
curve, allowing use of the code in signal processing
tutorials, for which implementation criteria such as
speed, size and efficiency are less important than
clarity. A minimalistic functional programming style
is used. CRAFT can easily be extended for more
specialised teaching, cf. [43], or for research as
described in Section 5; cf. also [13].
The online demonstration of CRAFT with corpus
snippets of The North Wind and the Sun in Mandarin
and English runs under Solaris on a central server.
The code also runs with local web servers, so that
online, offline and intranet uses are also options. The
source code is freely available on GitHub. An offline
package suitable for more advanced work is
provided by Reichel’s CoPaSul [30].
3. MELODY: F0 ESTIMATION
Several comparisons and analyses of F0 estimators
are discussed in [2]. The CRAFT environment gives
students the opportunity to perform such analyses
for themselves. An optimal F0 representation is
often defined by bench-marking against a gold
standard [16], [29], [20] such as laryngograph output
or establshed F0 estimators such as RAPT or
PRAAT. In the absence of a laryngograph,
implementations of nine de facto standard
algorithms and algorithm settings were included for
analysis and comparison, as well as two purpose-
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built algorithms (the new CREPE [22] neural net F0
estimator is not included):
1. Praat [4]: one cross-correlation and two
autocorrelation configurations,
2. RAPT, [33], cross-correlation,
3. PyRapt, a Python emulation of RAPT [11],
4. Reaper (Robust Epoch and Pitch EstimatoR), vocal
cord closure epoch detection [34],
5. SWIPE [10], spectrum-based, in Python [5],
6. YAAPT [42], hybrid frequency and time-domain
methods, in the PyYAAPT emulation [31],
7. YIN [7] autocorrelation, as FastYIN in Python [14],
8. AMDF (PyAMDF), purpose-designed for CRAFT,
9. Purpose-designed parametrised estimator (S0FT).
Frequently asked questions about F0 estimation
(‘pitch tracking’) in teaching situations concern gaps
and diversions from a perceived smooth pitch
trajectory. The main answer offered by CRAFT is to
provide the Simple F0 Tracker (S0FT) using basic
signal processing methods (cf. [16], [24]):
1. Preprocessing:
1. adjustable centre-clipping (numerical censoring) to
reduce low amplitude higher frequencies;
2. low-pass filtering to reduce the magnitude of
remaining higher frequency harmonics;
3. high-pass filtering to reduce low-frequency noise.
2. F0 estimation:
1. FFT windowing with identification of strongest
and lowest harmonic peak;
2. zero-crossing interval measurement;
3. peak-picking interval measurement converted to
zero-crossing measurement by differencing.
3. Post-processing:
1. sample clipping outside a defined frequency range;
2. median smoothing of the detected F0.
These eight S0FT parameters define a large
processing space and are all adjustable by the
student, with the goal of empirically tweaking values
to obtain an optimal F0 representation for the data
provided. Trial and error is no substitute for formal
understanding, but it contributes to motivation and
to the development of analytic intuitions.
A further step in F0 analysis involves abstractions
over aspects of phonation and pitch perception.
Fujisaki’s model is production-oriented [9] while
other approaches (Hirst’s quadratic spline
interpolation [8], the IPO model [35] or Mertens’
Prosogram (cf. [1], [27]) are implicitly or explicitly
perception oriented. Cubic polynomials have been
successfully used as abstract models for the lexical
tones of Thai [36] and Mandarin [40], [25]. For
phrasal F0 trajectories higher order polynomials are
needed. CRAFT therefore includes options for two
polynomial modelling domains (Figure 2):
1. polynomial models of non-zero segments of
utterances, to show F0 tendencies relating to tones,
pitch accents and stress correlates,

2. polynomial models of the entire utterance: median
F0 is calculated, ignoring zero segments, and used to
interpolate over voiceless segments (yielding similar
results to spline interpolation [17]).
Figure 2: F0 estimates by the S0FT and RAPT F0
estimators, with polynomial models (local: orange;
global: red with dotted green linking lines).

of overlapping rhythm zones. (Figure 3). The AES
is differenced to mark boundaries between rhythm
zones (Jassem Edge Detection, named after the
pioneer of speech segment edge detection by
differencing [19]).
Figure 3: AES, FES and rhythm zone marking with
Jassem Edge Detection (x-axis in Hz).

Visual inspection shows that the empirically
tweaked S0FT F0 trajectory and polynomial models
correspond closely to those derived from other
algorithms. Correlations vary with different data
samples (in general 0.7< r <0.9 with Pearson’s r as a
simple similarity measure; see Section 5).
4. RHYTHM: ENVELOPE SPECTRA
There are many approaches to rhythm description:
grammatical (metrical, optimality-theoretic [21]);
phonological (intonation and tone with oscillation
modelled abstractly as regular iteration [28]);
annotation-based isochronous interval models of
irregularity, e.g. variability measures (cf. overview
in [13]), or phonetic oscillator models [3], [6], [18].
Many oscillator rhythm models are production
oriented. In conventional signal processing terms,
they model a (laryngeal) carrier frequency and the
(mainly supralaryngeal) amplitude modulation (AM)
frequencies of syllables and phrases. CRAFT takes
the complementary perception modelling approach
of amplitude demodulation (cf. [15], [39], [37], [38])
by tracing the modulation envelope and applying
spectral analysis by FFT to recover the AM
frequencies. Formally, amplitude demodulation is
the absolute Hilbert Transform of the signal, but for
teaching purposes a simpler ‘crystal radio set
detector’ procedure is used: in a parametrised
moving window over the absolute (rectified) signal
the maximum is selected, followed by global lowpass filtering, yielding an accurate envelope. An FFT
is applied to the AM envelope in order to derive the
Amplitude Envelope Spectrum (AES).
The relation of the AM modulation spectrum to
speech rhythms is conceptualised in a Multiple
Rhythm Zone model (cf. [12], [13]): different
frequency segments in the spectrum represent
different kinds of highly variable ‘fuzzy’ rhythm,
e.g. of phones, of syllables, feet, phrases, interpausal
units and discourse sequences, are defined in terms
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Similarly, the F0 contour is conceptualised as
frequency modulation (FM). F0 estimation or ‘pitch’
tracking
is
conceptualised
as
frequency
demodulation, the extraction of the frequency
modulation envelope (FES), to which spectral
analysis and edge detection are also applied.
5. USE CASE: ALGORITHM EVALUATION
The relative contributions of AM and FM to the
production, transmission and perception of rhythm
remain to be investigated. CRAFT is a suitable
exploratory tool for this task. To illustrate this use
case, AM and FM envelopes and their envelope
spectra were used in an initial investigation. For the
comparison of AM and FM envelopes the lengths of
the vectors were normalised and the F0 vector was
median-interpolated. Correlations are roughly
comparable, averaging around r = 0.7. Global AM
and FM correlations are unsurprising: syllables are
largely co-extensive with tones and pitch accents.
Table 1: Selected F0 estimator correlations for S0FT,
RAPT, PyRapt and Praat on a single data sample.
Correlation
r
p
S0FT:RAPT
0.897
<< 0.01
S0FT:PyRapt
0.807
<< 0.01
S0FT:Praat
0.843
<< 0.01
RAPT:PyRapt
0.883
<< 0.01
RAPT:Praat
0.868
<< 0.01
PyRapt:Praat
0.791
<< 0.01

The pedagogical value of algorithm evaluation,
using the same data, was illustrated using CRAFT
numerical output, again with Pearson’s r as the
similarity measure with length normalisation and
and with median interpolation. In the snapshot of a
single speech sample shown in Table 1, the manually
optimised S0FT result compares well with RAPT, as
a gold standard, and with Praat and the PyRapt
emulation of RAPT. Far-reaching conclusions cannot
be drawn from such individual cases, of course.

Different F0 estimator implementations differ in
median processing time with the same data,
depending on their window length and skip sizes,
and use of frequency vs. time domain techniques
(snapshot with i7-7700K CPU, 100 iterations:
0.02s...14.58; cf. Table 2). Interestingly, the fastest,
FastYIN, in Python, is faster than the RAPT binary
and is evidently highly optimised, using Python
libraries implemented in Fortran. The three slowest
are implemented in Python with standard techniques.
Table 2: F0 modules ordered by processing times.
Name
Method (simplified)
Tproc (s)
FastYIN Autocorrelation
0.0181
RAPT
Normalised crosscorrelation
0.0217
S0FT
Zero crossings ✕ FFT peaks FFT peaks
0.0544
Praat
Autocorrelation (general default)
0.1087
PraatAC Autocorrelation
0.1311
Reaper
Normalised crosscorrelation
0.1523
PyYAAPT Modified crosscorr, FFT peaks
0.2394
PyAMDF Average Magnitude Diff Function 0.2705
PraatCC Crosscorrelation
0.2747
PyRapt
Normalised crosscorrelation
1.8122
PySWIPE Modified crosscorrelation
14.6606

CRAFT is a tool for visualising concepts which are
needed for understanding more advanced software
and supplements acoustic phonetics teaching with
more traditional media. CRAFT visualises tonal and
rhythmic properties of speech, including polynomial
models of pitch tendencies, AM and FM spectra and
difference spectra, and illustrations of quantitative
relations between AM and FM envelopes and
between AM and FM spectra. The software source
code is freely available in the GitHub standard
repository.
The present contribution focuses solely on uses of
visualisation in phonetic pedagogy. Research using
CRAFT is currently in progress [13] on prosodic
regularities in speech rhythm and fundamental
frequency beyond syllable and foot levels, the ‘slow
rhythms’ of utterances and discourse.
7. REFERENCES

Figure 4: F0 spectra 0...20 Hz for the same signal with F0
estimators S0FT, YAAPT, Praat (cross-correlation),
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A bonus of the FES visualisation for critical
phonetic pedagogy is the emergence of vastly
different spectra obtained under the same conditions
from the different and evidently only superficially
similar F0 estimation algorithms, mainly due to their
different windowing length and skip sizes, and on
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6. SUMMARY, CONCLUSION, OUTLOOK
The novel CRAFT interactive online speech prosody
teaching tool combines a coherent selected set of
applications as an aid to a critical understanding of
state of the art acoustic features of speech prosody.
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ABSTRACT

accents can be seen as unpleasant and unfriendly
[14] or even as unattractive [9].
Existing tools such as NativeAccent or
Duolingo make use of speech recognition and
provide feedback in terms of instructions, video
material of facial movements, or pointers to the
erroneous item [10][26]. Transparent Language,
as opposed to that, ‘compares’ the recorded user
voice to a native speaker’s recording and shows
the waveforms for comparison [25]. A different
approach is taken by ReLANpro BYOLL, in which
users can upload their recordings to a cloud learning
server and receive feedback from instructors [5].
Our system differs from these approaches mainly
in its use of spectrogram-based classification on the
one hand and the output of detailed phonological diagnoses on the other hand, providing more specific
feedback.
This paper presents the use of neural classification
models, which are powerful in pattern recognition,
to detect pronunciation errors in non-native speech.
Speech spectrograms have previously been used in
neural speech emotion recognition [20][29][30], as
well as language identification [17] and pronunciation pathology detection [2] using Support Vector
Machines. We show that this representation can also
be used in the detection of erroneous segments in
non-native speech. At its core, the model presented
here learns to classify pronunciation errors on a segmental level, based solely on information visible in
the segment’s spectrogram. A convolutional neural
network (CNN) is trained to recognize phonological
categories from spectral representations, thereby
revealing not only erroneous segments, but also the
erroneous characteristic, as for example the place of
articulation. As a result, discrepancies between the
model output and the intended sound can be used to
provide direct, applicable feedback to the user.
While neural networks work exceedingly well,
they lack explanatory power, in the sense that it is
not known which visual patterns are attended to.
In this paper, we show that the model is capable

We present a neural-based approach to the detection
of pronunciation errors in non-native speech, which
enables feature-based user feedback in a computerassisted pronunciation training scenario. Error diagnoses that make reference to phonological classes
provide the user with detailed articulatory information, rather than just pointing out mispronounced
segments or words.
Several phonological classifiers are trained on raw
spectrograms of sounds in isolation and in local
phonetic context that are extracted from native English utterances. The models are then used to classify non-native speech segments along distinctive
phonological categories purely on the basis of visible spectrogram patterns.
Keywords: language learning, pronunciation error
detection, non-native speech
1. MOTIVATION
The popularity of English as lingua franca makes
foreign language competence indispensable. In
secondary schools in Germany, English is an integral part of the foreign language classroom, with
approximately 87% of students receiving formal
instruction in English in 2014 [23]. However, the
success of second language acquisition depends
on developmental, environmental and individual
factors, leading to varying levels of proficiency
throughout and following school education [4].
German native speakers who spend time abroad
in exchange programs, complete an international
degree or start their career in a globally oriented
company might face the challenge of having to
improve their English skills autonomously. On
top of lexical diversity and grammatical adequacy,
appropriate pronunciation contributes to a speaker’s
credibility [13], career chances [16], self-confidence
and sense of belonging in a foreign language environment [22]. As opposed to that, strong German
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ings from over 300 native language backgrounds.
As non-native speech corpus, we use 36 recordings
provided by native speakers of German (22 female,
14 male). Since the transcriptions provided by the
Speech Accent Archive lack time alignments and
use narrow annotations that mismatch the phonemic
output of our system, we decided to gold label the
non-native utterances ourselves. In the process, the
first author of the paper listened to each interval that
was identified as a sound of interest in the alignment,
and labeled it with the perceived sound. This allows
us to evaluate how well the model detects actual pronunciation errors. To train the classifiers, the recordings of 102 native English speakers are used (58 female, 44 male).

Table 1: Sounds of interest and potential confusions.

Sound
/æ/
/D/
/T/
/w/

Confusions
[E], ...
[z], [d], ...
[s], [t], ...
[v], ...

Sound
/b/
/d/
/g/
/v/
/z/

Confusions
[p], ...
[t], ...
[k], ...
[f], ...
[s], ...

of making pronunciation adequacy judgments that
are comprehensible and useful from a linguistic
perspective, underlining the attractiveness of neural
networks despite the black-box problem.
2. ARCHITECTURE

2.2. Spectrogram generation

The entire pipeline is shown in Figure 1. The approach takes native and non-native spectrograms on
two contextual levels as input. The native English
segment spectrograms serve as training data for several phonological classifiers, which can then be used
to detect potentially erroneous features in non-native
spectrograms.

Our classification system relies on the availability
of phone-based speech segments. To that end, the
data from the Speech Accent Archive must be timealigned with their transcription. This task can be
accomplished with the acoustic model of an Automatic Speech Recognition (ASR) System, which, in
the scenario presented here, where the spoken text is
known, can be used to find phone boundaries. ASR
performance suffers when dealing with non-native
speech [6][24][28][31], which also means that segment boundaries are not necessarily perfect or exact.
However, the envisioned application must segment
the user’s speech ad hoc, meaning that noisy segment boundaries represent an authentic, real-world
scenario. We show that the model performs well despite this potential weakness.
The ASR toolkit of choice is Kaldi [18]. The
speech recognizer is trained on the TED-LIUM 3
corpus, which contains 452 hours of transcribed
speech data from 2028 unique speakers [8]. It features a triphone HMM-GMM acoustic model with
speaker-adaptive training. The alignment process
results in Praat TextGrids that contain phone-based
segment boundaries [3]. Praat is then used to create a visible spectrogram for each segment. We use
a maximum frequency of 8kHz, a Gaussian window
of 5 milliseconds length, a dynamic range of 70dB,
and autoscaling to ensure optimal visibility of spectral patterns. We further explore two segmentation
variants: one in which the sound is segmented in
isolation and one in which the sound is segmented
along with the preceding and the following interval. The latter allows the model to access local phonetic context, which can be helpful in the face of
co-articulation effects and prominent acoustic transitions, such as the lowering of the third formant in
rhotacized vowels [11][15]. Additionally, the inclu-

Figure 1: Pronunciation error detection pipeline.

2.1. Data and sounds of interest

To evaluate the usefulness of the model’s predictions, they must be compared against a gold standard, indicating whether the sound was pronounced
correctly or, if it was mispronounced, what was said
instead. As it is not feasible to hand-label the entire
non-native data set on a phone level, Table 1 specifies a set of sounds that are found to be particularly
challenging for native German learners of English,
as well as frequent confusions [1][9][21][22]. Due
to the contrastive nature of sounds, errors can lead to
deficits in comprehensibility, as for example in the
lack of a distinction between <think> and <sink>
or <bad> and <bed>.
We use speech data from the Speech Accent
Archive [27], which is a platform to which volunteers can upload their reading of a standardized English paragraph. The text is designed to contain
all sounds of English, as well as a few challenging
sound combinations. The archive features record-
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sion of the preceding and following interval is expected to attenuate the noisy alignment problem.

Table 2: Accuracy of classifiers on the test set,
using sound spectrograms in isolation and in context. ± indicates standard deviation.

2.3. Training

The classification of phonological features based on
spectrograms is done by a Convolutional Neural
Network (CNN), which is particularly suitable for
image recognition. We construct a LeNet which features two convolutional layers in Keras [7][12][19].
The first layer learns 20 filters of size 5×5, followed by a ReLU activation function and 2×2 maxpooling. The second layer learns 50 filters of size
5×5, again followed by ReLU activation and 2×2
max-pooling. The output is flattened and fed into
a fully-connected layer with 500 nodes and ReLU
activation, followed by a last fully-connected layer
with softmax activation. Each model is trained with
the Adam optimization algorithm for 25 epochs.
The learning rate is 0.001 and the batch size is 32.
Before being fed to the model, all spectrograms are
resized to 28×28 pixels. Since we find that the usage
of input images of size 64×64 and 128×128 pixels
does not increase accuracy while drastically increasing training time, we assume that the relatively small
size of 28×28 pixels is sufficient for the model.
The model outputs a probability distribution over
the respective classes of a category, meaning that
one model is trained for each phonological category.
If a segment is classified as vowel in the first step
(classifier Class), it is further classified along the
parameters of height, fronting, rounding and tenseness. Conversely, if a segment is classified as consonant, it is further classified along its place of articulation, manner of articulation, and voicing status.
The number of classes thereby depends on the category. In total, eight models are trained five times
with random initialization. 25% of the native English spectrograms thereby serve as test data. The
accuracy of each model is averaged over all five runs
and given in Table 2. Categories are listed with the
respective number of classes in parentheses.
The best and worst result for each context level
are boldfaced. When considering sounds in isolation, apparently the easiest parameter to detect is the
major class. This observation coincides with the fact
that the prominent formant structure of vowels is
visibly different from the spectral signature of most
consonants, which display patterns such as noise or
bursts. The lower performance on major class when
considering sounds in context could be explained by
the fact that the model is confronted with the acoustic signature of several segments, with vowels and
consonants interspersed. In contrast, the increased
performance in detecting lip rounding when consid-

CATEGORY
Class (2)
Fronting (4)
Height (5)
Rounding (2)
Tenseness (2)
Place (7)
Manner (6)
Voicing (2)

ISOLATION
Acc %
89.34 ±0.5
70.35 ±2.9
64.19 ±0.5
86.00 ±0.4
76.33 ±1.0
68.78 ±0.4
74.06 ±0.9
83.18 ±0.5

CONTEXT
Acc %
86.04 ±0.7
77.28 ±1.0
71.59 ±1.3
86.12 ±1.6
74.81 ±1.7
72.25 ±1.6
75.11 ±0.9
81.07 ±1.4

ering sounds in context coincides with the fact that
the second and the third formant tend to be lowered
in a rounded vowel [11], which might be enhanced
by the visibility of local transitions. On both context
levels, the vowel height classifier performs worst.
One potential explanation might be that the first formant, which correlates with vowel height, could be
displayed more or less conflated with the fundamental frequency, causing the classifier to mistake the
second formant as first formant in such cases.
The performance of the various models in Table 2
provides important insight into the functionality of
the system. Even though neural models suffer from
the black-box problem, meaning that users do not
know which patterns in the image are attended to,
the model outlined in this paper is capable of making judgments that are linguistically justifiable.
In order to evaluate whether the spectrogrambased approach offers an advantage over more carefully extracted features, we compute 13 MFCC
features for each sound instance, paint the corresponding values over time in Praat, and use the resulting images to train the model. Interestingly,
the spectrogram-based models outperform MFCCbased models by 3.4% in the isolated scenario and
5.6% in the context scenario on average. To test
the impact of the number of features, we re-train
the model on images based on 24 MFCC features.
The difference in performance to the spectrogrambased models even increases to 6.9% in the isolated
scenario and 9.4% in the context scenario on average, which supports the hypothesis that the system
benefits from patterns present in raw spectrograms
without explicit feature extraction. The accuracy
of MFCC-based models for each category, using 13
features, is given in Table 3, averaged over five runs.
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3. RESULTS

Table 3: Accuracy of classifiers on the test set,
using MFCC-based representations of sounds in
isolation and in context. ± indicates standard deviation.

CATEGORY
Class
Fronting
Height
Rounding
Tenseness
Place
Manner
Voicing

ISOLATION
Acc %
83.34 ±1.8
69.26 ±0.5
65.27 ±1.1
87.85 ±0.4
75.10 ±1.4
61.00 ±0.7
64.36 ±1.2
78.76 ±0.7

Diagnosis on non-native speech segments is done
separately for segment spectrograms in isolation and
in context. The proportion of the five evaluation scenarios is shown in Table 5.

CONTEXT
Acc %
83.14 ±1.2
72.91 ±1.4
65.75 ±2.0
85.47 ±0.6
69.96 ±1.2
62.04 ±0.9
63.29 ±0.7
76.93 ±1.7

Table 5: Results for each evaluation scenario, using the best model for each category.

Isolation
TP
TN
FP
FN
A

2.4. Diagnosis

Gold
[D]
[d]
[d]
[D]
[d]

%
22.63
6.44
18.11
21.65
31.17

4. DISCUSSION AND OUTLOOK
We present a pipeline that is capable of judging the
pronunciation accuracy of German native speakers
of English, based on neural image classification on
spectrograms that display sounds in isolation or in
local context. The model’s judgment on the correct or incorrect pronunciation of a sound is appropriate in roughly 60% of cases, enabling relatively
reliable, feature-oriented diagnoses. Future studies
will further assess the pedagogical value of this type
of feedback. Furthermore, even though it is not
known which characteristics or patterns in the image are learned exactly, the model’s decisions are
comprehensible and useful from a linguistic viewpoint. Improved alignment quality and the consultation of a second annotator, as well as a comparison
to the transcriptions provided by the Speech Accent
Archive are expected to increase the confidence of
pronunciation accuracy judgments even more.

Table 4: Evaluation scenarios.
Recognition
[D]
[d]
[D]
[d]
[z]

Context
TP
TN
FP
FN
A

The model is right in detecting whether a sound
is pronounced correctly or not in 58.09% of cases
in the isolated scenario (sensitivity: 40.59%, specificity: 72.61%), and in 60.24% of cases in the
context scenario (sensitivity: 51.11%, specificity:
67.50%), counting ambiguous cases as correctly localized pronunciation errors.

Classification is done by feeding the spectrograms
extracted from 36 native German speakers of English to the phonological classifiers described in section 2.3. For each category, the best model is used.
The combined output of all models allows us to
uniquely identify the sound that is recognized. The
recognized sound is then compared to the gold label
on the one hand, which specifies the actually realized sound, and the target sound on the other hand,
which conforms to the canonical pronunciation of a
word. This three-way comparison leads to five scenarios, exemplified on the sound /D/ in Table 4. In
all cases, /D/ is the target realization, as for example
in the word <brother>.

True positive (TP)
True negative (TN)
False positive (FP)
False negative (FN)
Ambiguous (A)

%
18.40
10.50
14.97
26.93
29.19

Target
/D/
/D/
/D/
/D/
/D/

True positives, true negatives and ambiguous scenarios are particularly interesting. While true positives can be seen as correctly pronounced sounds,
true negatives can be seen as mispronunciations. In
both cases, the model is capable of predicting the
sound exactly. Ambiguous cases are interesting in
so far that they indicate a mispronunciation as well,
however, as opposed to true negatives, there is no
agreement on what was said instead. Since false
positives and false negatives denote a disagreement
between the annotator and the model with respect to
pronunciation accuracy itself, no adequate response
to such cases is currently possible.
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ABSTRACT

speech production disorders into account is almost
impossible. These techniques do not contribute to
the understanding of speech production and are unable to link an acoustic cue, for example the evolution of frequencies in the vicinity of a consonant, to
their articulatory origin.
Unlike these approaches, which only model the
result of speech production, i.e. the acoustic speech
signal, articulatory synthesis [3, 14, 27] explicitly
models the link between the vocal tract, vocal folds
and aero-acoustic phenomena. This is achieved by
solving the equations of aerodynamics and acoustics in the vocal tract and by using its geometry as
an input.
The geometry of the vocal tract results from the
position of the speech articulators, and thus from the
activity of corresponding muscles. A first solution
to model these phenomena is to use biomechanical
modeling to compute the shape of all the deformable
speech articulators [9, 20]. This involves modeling
the behaviour of muscles and the properties of muscle tissues in a realistic way before solving the mechanical equations. Despite constant progress, this
approach is often limited to predicting the position
of the jaw and the tongue shape and it is still unimaginable to use a biomechanical approach to calculate
the whole shape of the vocal tract.
For these reasons we prefer to use an articulatory
model [1, 13] to compute the vocal tract geometry.
Of course, the articulatory model must provide a geometric description close to reality in order to guarantee a good quality of synthesis. Similarly to the
biomechanical approach, one of the challenges consists of collecting and processing data to construct
the model. As the delineation of the articulators
in the MRI images is a task that requires a certain
amount of interpretation of the geometry of the vocal
tract and has a very long processing time, it is often
preferable to construct a two-dimensional model in
the mid-sagittal plane and then calculate the transverse area at each point of the vocal tract from the
glottis to the lips [7].

In the present work, we study the production of
five vowels of French. The idea is to compare
2-dimensional models with 3-dimensional models,
and examine whether the 2-dimensional articulatory models can adequately describe the acoustics
of the vocal tract. For the purposes of our experiments, we used 3-dimensional MRI data to acquire
the shape of the vocal tract. We then use it to simulate how the pressure wave produced from the vocal folds propagates with the K-wave Matlab toolkit.
We carried out acoustic simulations for both the
3-dimensional and the 2-dimensional (mid-sagittal
plane) shapes of the vocal tract and compared formant frequencies with those calculated from the denoised speech signal recorded in the MRI machine.
We then compared the results of the 2-dimensional
and 3-dimensional acoustic simulation with those
provided by the traditional simulation used in articulatory synthesis, which relies on the plane wave
propagation assumption.
Keywords: acoustic simulations, electrical simulations, French vowels, MRI of the vocal tract
1. INTRODUCTION
Speech synthesis has reached a high level of naturalness through concatenative approaches [2, 10]
and more recently deep learning approaches [28].
Both are based on the use of a large corpus of prerecorded speech.
The speech corpus has to cover all phenomena
that are to be treated. Hence, the more phonetic contexts, speech styles, expressions, speaker postures,
etc the corpus covers, the more natural the synthesized speech. All this contributes to increasing the
size of the corpus.
On the other hand, the weakness of those techniques is tightly connected to their dependence on
the corpus. This means that changing the speaker
characteristics, adding new expressions, or taking

2966

for the subject, including calibration and pauses between phonemes, was 2 hours.
Audio was recorded at a sampling frequency of
16 kHz inside the MRI scanner using FOMRI III
(Optoacoustics, Or Yehuda, Israel) fiber optic microphone. The subject starts producing the phoneme
just before the MRI recording starts and sustains
phonation until the end of the acquisition. The subject wears ear plugs for protection from the scanner
noise, but is still able to communicate orally with the
experimenters via an in-scanner intercom system.
Since the sound is recorded at the same session
of the MRI acquisition, there is additional noise in
the audio signal. In order to de-noise it, we used the
de-noising algorithm proposed in [19].
We apply this algorithm to our data using the
FASST toolbox [21].

There have been several studies of the vocal tract
using different types of articulatory data like Electromagnetic Articulography (EMA) and X-ray films
in order to synthesise speech or track the movement of vocal tract parts [15], coupling electromagnetic sensors and ultrasound. Another data acquisition technique that has been widely used over the
last years is Magnetic Resonance Imaging (MRI).
In [23], they estimate the area function of the vocal
tract from MRI images and then compare the results
with the sound acquired at a different session. Even
though they tried to make the audio recording condition as close to the original MRI as possible [11],
there could still be significant difference between
the recorded audio signal and the signal pronounced
during MRI acquisition due to the difference in the
auditory feedback for the speaker during the noisy
MRI recordings and otherwise.
In this work, our purpose is to examine to what extent the 2-dimensional data can describe articulatory
information, compared to 3-dimensional data, since
it is much more efficient to use with a 2-dimensional
model [7]. We also examine how the acoustics are
affected in each case by comparing the sound signal
with the results from 2 and 3-dimensional acoustic
and 2-dimensional electrical simulations.
The presented work can be divided into two main
parts: 1) the data acquisition and processing, and 2)
the simulations and the comparison of the results.

2.2. Segmentation

For the purposes of our experiments, we used the
ITK-SNAP software [30] to segment the volume of
the vocal tract. ITK-SNAP provides a great variety
of tools for segmenting images, both automatically
and manually.
As far as automatic segmentation is concerned,
ITK-SNAP implements two active contour segmentation algorithms, region competition and geodesic
active contours [4], [31].
For manual segmentation, ITK-SNAP offers two
types of tools, the most interesting among them is
the adaptive brush that adjusts itself to follow the
image boundaries. The brush tool can be used for
both to 2D and 3D image segmentation.

2. MATERIALS AND METHODS
2.1. Data acquisition

For the purpose of this study, we used an MRI data
part of a study approved by an ethics committee and
the subject gave written informed consent (ClinicalTrials.gov identifier: NCT02887053). The subject
used for the data acquisition is a healthy male French
native speaker at the age of 32, without any reported
speaking or hearing problems.
The MRI data was acquired on a Siemens Prisma
3T scanner (Siemens, Erlangen, Germany) with a
gradient of 80mT /m amplitude and 200mT /m/ms
slew rate. We used the 3-dimensional cartesian vibe
sequence (T R = 3.57 ms, T E = 1.43, FOV = 22 ×
20 mm, f lip angle = 9 degrees) for the acquisition.
The pixel bandwidth is 445Hz/pixel with an image
resolution of 256 × 174. Scan slice thickness is 1.2
mm and the number of slices is 120. The pixel spacing is 0.8597 and the acceleration factor is 3 iPAT.
The acquisition time was 7.4 s which allows the subject to maintain phonation easily.
The subject’s vocal tract was imaged while he
lay supine in the MRI scanner. The recording time

2.3. Acoustic simulation

For the acoustic simulations, we employ the k-wave
Matlab toolbox [26]. This toolbox has a wide range
of applications like photoacoustic tomography ultrasound wave propagation [29], and acoustic propagation. [25].
Several numerical methods have been developed
to solve the partial differential equations of acoustics, like finite differences, finite elements, and
boundary element methods [24]. These methods
offer significant advantages as they can calculate
acoustic characteristics accurately and implement
frequency dependent losses at boundaries. However,
in many cases these methods are significantly slow.
This happens due to the fact that they require a small
time step to achieve adequate accuracy and a lot of
grid points per wave length. In the method used by
k-wave these problems are solved by interpolating a
Fourier series through all of the grid points in order
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to get the estimation of the gradient. This approach
solves the problems of the previously referred methods as it a) requires fewer grid points (only two) per
wave length since the base function of the Fourier
series is the sinusoid and b) it can be fast since it
employs Fast Fourier Transform (FFT) to calculate
the amplitudes of the simulated signals. A problem
that arises is that when a wave approaches the computational grid boundaries, it keeps propagating to
the medium by entering from the opposite site of
the computational grid. This happens because of
the usage of the FFT algorithm for the computation. To tackle this issue, k-wave adds a specific type
of layer to the boundaries of the computational grid
by implementing an absorbing boundary condition,
called Perfect Match Layer (PML), which prevents
this phenomenon.

3.1. Image segmentation

For the purposes of our experiments, we used five of
the vowels from the database described in the previous section, /a, œ, i, o, y/. First, we processed the
images with 3DSlicer [8] (http://www.slicer.org) to
apply lanczos interpolation in order to make corrections to the image’s axis. Then, we used the tools
provided by the ITK-SNAP software to automatically segment the 3D volume of the vocal tract and
manually corrected the result. The area of interest
begins at the glottis and extends to the lips at the
point where the lips stop being simultaneously visible at the coronal plane. We used two classes and
10000 points as nearest neighbours in order to assign each point to the appropriate class for the creation of the probabilistic map, and 10 balls on average per vowel as "seeds" with various sizes based
on the region of the vocal tract where they were
placed. Then we applied the active contour algorithm which required between 300 − 500 iterations
to cover the whole vocal tract. The amount of iterations is greatly based on the vowel and the initial number, size and position of the "seeds". For
the manual segmentation we used the adaptive brush
tool with the default parameters to acquire the vocal
tract mesh Figure 1. Finally we used meshlab [5] to
smooth every mesh by applying Laplacian smoothing filter with step 3. For each vowel, about 4 hours
of processing was required, with the biggest amount
of time spent on the manual segmentation step.

Finally, k-wave toolbox has a great number of parameters that can be customised for a simulation,
most of them concerning the grid and time sparsity, the properties of the mediums, the sensors, the
sources, the number of dimensions (1D/2D/3D),
the number of PML, etc.
2.4. Electrical simulation

To perform the electrical simulation we used some
of the tools provided from the Xarticul software
[16], [22]. Xarticul offers multiple tools, like
an easy way to delineate and process articulator
contours, semi-automatic articulatory measurements
and construction of articulatory models [12]. Xarticul can perform acoustic simulations from the area
function by using the algorithm proposed in [6].This
algorithm is based on the Transmission Line Circuit
Analog (TLCA) method [18]. The main idea of the
algorithm is to model every tube used to describe
the vocal tract as a circuit of electrical units whose
parameters (electrical) correspond to the physical
(acoustic). For example, the current and the voltage
of the circuit in the TLCA correspond to the volume
velocity and acoustic pressure respectively. Therefore, instead of describing the vocal tract as a continuous connection of tubes, one can describe it as a
continuous connection of electric circuits. The main
advantage of this approach is that it allows to model
time-varying geometries of the vocal tract [6].

3.2. Acoustic simulations

For the acoustic simulations, we used k-wave toolbox for Matlab [26]. For every vowel examined,
simulations were carried out in both 2D and 3D.
First, the mesh was transformed into a volumetric
representation using voxels. Then we specified the
parameters for the 2D and 3D simulations. Since kwave uses FFT, the number of grid points was set so
as to have low prime factors, ideally a power of 2.
For the 3D, we used a grid size of 128 × 128 × 128
grid points (sagittal × coronal × axial) with dx =
dy = dz = 1mm. We also used a PML layer of 10
grid points at the boundaries of every side of the
grid, to avoid the wave penetrating the opposite side,
as explained in the previous section. As a source
we used a ball which emits a delta pulse of pressure, spreading equally in all directions. The source
has radius of 5 grid points, amplitude 1 Pa and was
placed at input of the vocal tract, which was specified manually for every vowel. To record the simulated pressure we used a sensor placed at the end
of the vocal tract. The medium properties inside the

3. EXPERIMENTS
Our experiments can be divided into three main
stages: a) image segmentation, b) acoustic simulations and c) electric simulations.
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vocal tract were cin = 350m/s, din = 1kg/m3 and the
properties outside, i.e. in the tissues that delimit the
vocal tract, were cout = 1000m/s, dout = 1000kg/m3 ,
where cin , cout are the speed, and din , dout are the densities inside and outside the vocal tract respectively.
The time step is set according to the two medium
characteristics (here tissues and air) and the accepted
value is 3 ∗ 10−8 sec to guarantee a good stability.
The amount of time steps computed was 1000001.
The maximum allowed frequency of the grid was
175KHz. For the 2D case, we run the simulations on
the y − z plane using a disc instead of a ball on the
mid-sagittal plane of the vocal tract. All the other
parameters remained the same between the two simulations. The amount of time required for the simulation of each vowel is about 75 hours for 3D, while
for 2D is approximately 3 hours and 20 minutes. Finally, we calculated the transfer function of every
vocal tract and computed their peak frequencies (Table 1), to compare them with the formants computed
with the electrical simulation.

Table 2: 2D formants computation from electrical
simulations in Hertz

/a/
/œ/
/i/
/o/
/y/

/a/
/œ/
/i/
/o/
/y/

Table 1: 2D / 3D formants computation from
acoustic simulations in Hertz

F2
1349 / 1231
1444 / 1444
2394 / 2207
900 / 787
1798 / 1802

F3
2190
2168
2927
2185
2205

F1
F2
684 / 689 1256 / 1256
517 / 443 1391 / 1335
308 / 380 2064 / 2306
383 / 430 793 / 732
300 / 336 1750 / 1854
4. DISCUSSION

F3
2503 / 2604
2379 / 2436
2976 / 3193
2283 / 2619
2120 / 2228

The first remark concerns the sounds produced by
the speaker in the MRI machine. As shown in Table 3 which gives the average values for French
speakers, the measured values are a little far from
the expected values. This is especially true for the
first formant of close vowels /i,o/ which is higher
in frequency. This would mean that the pharyngeal
cavity is smaller due to the subject posture. The
visual examination of the images shows a slightly
shifted articulation in some cases. Second there is a
good agreement between the results of 2D/3D simulations and the formants F1 and F2 determined from
the speech signal recorded. However, for F3 the 3D
simulation turns out to give results closer to those
of natural speech than those of the 2D simulation,
probably because the 3D volume gives a geometry
closer to the real one.
The third remark concerns the comparison between the acoustic and electrical simulations. It
turns out that the electric simulation is not as good
as the acoustic simulation to reproduce the formants.
Since there is a good agreement between the 2D and
3D acoustic simulation, the most probable hypothesis is that either splitting of the vocal tract into small
tubes or the estimation of the area function from the
mid-sagittal shape is not completely satisfactory.
Future direction for research will focus these
points so as to improve the quality of articulatory
synthesis.

For the electric simulations we used the mid-sagittal
planes from the 3D MRI acquisition. We used Xarticul to manually delineate the articulator contours
of each vowel. Afterwards, we used 40 tubes (Figure 1) to estimate the area function of the vocal tract
in order to compute its formants (Table 2). Finally,
we used selective LPC to compute the formants of
the original audio signal (Table 3). We also made
a comparison with the values given in the literature
for French [17] (Table 3).

F1
674 / 694
416 / 460
337 / 304
404 / 440
281 / 285

F2
1200
1276
1684
905
1911

Table 3: Theoretical/measured values of French
vowels formants in Hertz

3.3. Electric simulations

/a/
/œ/
/i/
/o/
/y/

F1
510
408
280
491
393

F3
3169 / 2545
2499 / 2544
3136 / 3237
2728 / 2605
2192 / 2198
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ABSTRACT
Broadband excitation of the vocal tract at the lips
(Epps, Smith & Wolfe, 1997. Meas. Sci.
Technol. 8, 1112–1121 [1]) has been used by the
present authors and in other laboratories to
estimate the resonances of the vocal tract in
‘ecological’ conditions of speaking and singing.
A sound source and microphone are both held at
the lower lip of the subject, then the ratio of
microphone pressure with lips open to that with
lips closed is measured in response to a
broadband excitation signal. The peaks of this
ratio provide an estimate of the resonances Ri of
the vocal tract, without disturbing the subject’s
vocal gesture. Here we present an updated opensource implementation of this technique written
in Matlab that allows real-time measurements
with inexpensive equipment. This simplifies use
of the technique and allows some new
applications including measurements during
respiration, whisper and breathy speech.
Keywords: Open-source Software, Resonance,
Formant, Vocal Tract, Acoustic Impedance.
1. INTRODUCTION

Excitation of the vocal tract with a broadband
source at the lips [1] has been used by several
groups to estimate the resonances of the vocal
tract in ‘ecological’ conditions of speaking and
singing. Measuring the tract resonances, rather
than the formants [2] they usually produce, has
the advantage that resonances can be measured
with greater precision in most situations.
In this technique, a small broadband source of
acoustic current and adjacent small microphone
are placed at the lips of the subject, as shown in
Figure 1. Suitably calibrated, the combination
comprises a simple impedance head. With the
lips open, the vocal tract and the radiation field
in parallel form the load for the acoustic current
source.
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Figure 1: The acoustic source and a microphone are
placed at the speaker’s lower lip. The microphone
pressure pclosed is measured with the lips closed then
open popen. The ratio γ = popen/pclosed is shown for the
same male subject with tract configurations (a-f).

Using a flexible tube connected to the
loudspeaker allows the sound source to remain in
the same position at the subject’s lip. This allows
speakers or singers to produce reasonably natural
vocal gestures with little disturbance.
In the usual mode of operation, the source and
microphone are first placed at the subject’s lower
lip with the lips closed. The ‘impedance head’ is
thus loaded with the radiation impedance 𝑍"#$ at
that position, baffled by the face. The spectrum
of the source signal is then usually adjusted so
that the measured acoustic pressure 𝑝&'()*$ is
approximately independent of frequency with
this load. Applying the same output signal to the
source, the acoustic pressure 𝑝(+*, is measured
with the lips open, and the ‘impedance head’ is
now loaded with the vocal tract impedance at the
lips 𝑍-, in parallel with the radiation impedance.
Usually, the quantity recorded and displayed
is the magnitude of the ratio 𝛾 = 𝑝(+*, /𝑝&'()*$ .
Making the approximation that the source has a
very high output impedance (an ideal current
source), the output current is the same in the open
and closed conditions. It follows that
𝛾 ≅ (𝑍-, ||Z567 )/𝑍"#$ = 𝑍-, /(𝑍"#$ + 𝑍-, ) (1)
This ratio has maxima when 𝑍-, ≅ −𝑍𝑟𝑎𝑑 .
The limited capabilities of the 20th century
computers originally used (16 MHz, 4 Mb RAM)
required two computers to operate in ‘real-time’
[1,3] for language training. However, for many
studies ‘real-time’ response is not necessary and
delayed display from a single computer was
adequate for studies of speech [e.g. 4] and
singing [e.g. 5-8]. Others have implemented this
technique, sometimes using software derived
from that by this lab [e.g. 9-11], and/or different
hardware [e.g. 12-16].
Here we provide a stand-alone, open-source
graphical user interface (GUI) for the technique
[17,18], which displays the impedance ratio γ in
real-time with modest hardware requirements. It
may be used and modified for the purposes of
research into the acoustics of speech and singing.
2. MATERIALS AND METHODS
2.1. Hardware requirements

For the measurements made here, research
equipment is used: both output and input pass via
a Firewire interface (MOTU 828, Cambridge,
MA). The microphone (DeltaTron Pressure-field
1/4" Type 4944A; Bruel & Kjaer, Denmark) is
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connected via a conditioning amplifier (Bruel &
Kjaer, Denmark) to the interface. A second
channel is available for inputs from an
electroglottograph, accelerometer or other
devices, but these were not used in the results
shown here. The output signal is delivered to a
20 W power amplifier (constructed in-house) and
a 60 W, 1" compression driver (BM-D450 MKII,
P.Audio, Nakhon, Thailand). It is matched via a
conical horn to a 1.0 m length of flexible hose
with internal diameter 5 mm.
However, for many studies, inexpensive
elements are quite adequate. We have also used
a cheap, tie-clip microphone (Optimus 33-3013,
Tandy, Melbourne, Australia) connected to the
sound card of a computer via the microphone
input and a USB powered loudspeaker, placed
close to the lips, for sound output.
2.2. Software requirements

The source Matlab files are available for
download at [17]. These require Matlab 2014b or
higher and have been developed and tested on
Mac OS 10.12 and Windows 7 and above. To use
the software, copy the directory to your chosen
location, then ‘Add to path, folders and
Subfolders’ in Matlab. The software can be
started by typing GUI_RAVE into the command
window.
Alternatively, a precompiled version can be
downloaded from [18]. This version can be
installed as a Mac app or Windows program, and
does not require Matlab to be installed on the
computer. Once the file is downloaded, double
click the installer icon to begin the guided
installation process.
2.3. Graphical user interface (GUI)

The GUI comprises several windows. Screen
shots of some of these are displayed in the
sections below as we list the protocol.
Parameter screen (Figure 2). The initial
parameters, including sampling frequency,
desired frequency range and file location, are
selected here and may be saved for subsequent
re-use.
Calibration screen (Figure 3). First, the audio
input and output must be selected from the
available devices. Then the speed and frequency
resolution of the broadband probe signal is
chosen. The signal is synthesised as a sum of sine
waves. Their frequencies are high harmonic

multiples of a missing fundamental at 𝑓) /2, ,
where 𝑓) is the sampling frequency (44.1 kHz)
and n is an integer in the range 12 to 16, so that
the measured frequency resolution is sampled at
spacings between 0.67 and 11 Hz. Each cycle,
which is also a sample window, therefore has a
length 2, /𝑓) i.e. 1.5 to 0.093 s, respectively.
Figure 2: Parameter selection window.

the sine waves are adjusted to improve signal-tonoise ratio [19]. Figure 3 shows the initial gain of
the system in red, which in this case is weak at
low frequencies (due to the radiation impedance
and compression driver), and has resonances
spaced at 170 Hz (due to the pipe).
Measure screen (Figure 4). Microphone
recording is started by pressing the (red)
‘Record’ button. The broadband probe signal
may be turned on or off at any time by toggling
the ‘Loudspeaker’ button. ‘Stop’ ends both the
recording and source signals.
Figure 4: Measure window.

The calibration process is then started by
holding the microphone and source against the
subject’s lower lip with the lips closed. Pressing
‘Start’ (Figure 3) outputs the initial, flat,
uncorrected broadband signal and measures the
frequency response of the whole system,
including the radiation impedance.
Figure 3: Calibration window. Shows the initial
microphone signal (red) and the second channel
(green) (a second microphone in this example).

During recording, the time domain waveform
of the two recording channels, microphone and
optional additional sensor, and the frequency
spectrum of the microphone are displayed in real
time. The spectrum may optionally be averaged
over a chosen number of cycles—this improves
the signal:noise ratio, at the expense of time
resolution and response time. However, this only
affects the displayed spectrum and does not
change the recorded signal.
Further options (see Figure 5) are to smooth
the spectrum and/or to remove periodic signals,
such as the voice fundamental frequency fo and
its harmonics (Figure 6). The ‘Harmonic width’
parameter determines the bandwidth (width on
the spectrum) of peaks to be removed.
‘Resonance Amp’ is a threshold of relative
change in magnitude (height on the spectrum) to
consider a spectral feature as a resonance.
2.4. Playback and analysis

The ‘Flatten’ process adjusts the output signal
iteratively until the microphone signal for the
calibration condition (usually lips closed) is
independent of frequency to a desired tolerance.
This optional process has the advantage of
putting more power into frequency bands having
low system gain. In each iteration, the phases of

2973

For retrospective use, the waveforms are
displayed in a selectable window (not shown).
Users can scroll through the waveform to choose
individual cycles, or the start and end points of
several cycles to display an average 𝛾 magnitude
spectrum. After selecting a start and end point,
clicking ‘Save’ will save the selected data in a
.mat file with .wav files for each recording
channel. By clicking on a γ curve, it is saved in
memory and may be toggled on or off, to
compare it with other parts of the recording.

Figure 5: Display adjustments.

Figure 6: The measured magnitude and phase of the
impedance ratio 𝛾 when a woman singer produces
fo at A#4 (466 Hz). The raw γ signal (pale) is shown
along with a smoothed version (black) and with
harmonics removed (red). Black circles above the
plot indicate detected harmonics, and horizontal red
bars show resonances that meet the ‘Resonance
Amp’ Criteria. (The bass, treble and super-treble
clefs show their pitches, which is useful in singing
applications.) In this case, the singer is not tuning
either tract resonance.

3. EXAMPLE RESULTS

The example measurements in Figure 1 illustrate
a range of respiratory and phonatory gestures.
After an earlier calibration with closed lips, a
subsequent measurement with lips closed (a)
shows the ratio γ = pclosed/pclosed ~ 1. (b) shows
the magnitude of γ of the vocal tract, alone with
the glottis closed, as seen in mimed vowel
gestures. During normal phonation (c), the glottis
is small enough that the inertance of air in the
opening seals the tract at high frequencies. So,
the γ curve for normal phonation is largely
similar to glottis closed (b) but with the addition
of the periodic voiced signal, which can be
removed (as shown in Figure 6). (d) shows a very
breathy voice with incomplete glottal closure, in
which an additional resonance due to the
combined length of the subglottal and
supraglottal tracts is visible at approximately
600 Hz. In (e), the subject has opened the glottis
widely during inhalation, so that the vocal tract
and trachea are acoustically connected, making a
duct almost twice as long as the vocal tract. In
this case, γ shows about twice as many
resonances, though these are weaker due to
greater losses (details in [20]). In (f), the velum
is lowered, so the impedance head at the lips
‘sees’ only a short buccal tract, with behaviour
between that of a short waveguide and a
Helmholtz resonator: it shows a single strong
resonance in the frequency range measured. The
addition of the periodic voiced signal is evident
in (g).
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4. ADVANTAGES AND LIMITATIONS

This technique has the advantage that the
frequencies of resonances of the vocal tract can
be estimated with greater precision than can
usually be achieved from formants using
microphone recordings. It allows reasonably
normal speech and singing gestures. However,
the vocal tract is measured in parallel with the
(low impedance) radiation field; consequently
the magnitudes and bandwidths of the resonances
cannot be determined. Further, the approximations made in deriving (1) are more severe at
high frequencies, so caution should be used
interpreting results above about 2 kHz.
These limitations do not affect measurements
made with the lips sealed on an impedance head
[e.g. 20,21]. Such measurements can also be used
to estimate vocal tract shape [22] but these
require that the lip geometry is constrained.
The software described here is now freely
available for non-commercial use [17,18].
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ABSTRACT
This paper presents the first version of AMtrainer
that can computationally parameterize tonal
categories of the AM Theory of intonation. The
parameterization was done by specifying each tonal
category as the mean F0 of all the individual tokens
of the category in a corpus. We trained AMtrainer
on a 192-sentence corpus in American English and
used the learned parameters to synthesize the
prosody of those sentences. The numerical accuracy
of the synthetic prosody and listener judgments of
focus, sentence type and naturalness indicate that the
learned categorical parameters can generate fairly
natural F0 contours that convey pragmatic meanings
such as sentence type and focus. More importantly,
this new development in AMtrainer makes AM
theory more directly comparable than before to other
computationally implemented theories of prosody.
Keywords: AM Theory, AMtrainer,
predictive synthesis, global synthesis.

prosody,

tonal targets realized as prominent F0 turning points
connected via target-transition [3-4, 14]. Some have
implemented this core notion literally [15], while
others have added additional algorithms such as
smoothing filters [2]. There have also been wide uses
of the ToBI system of intonation annotation [17] in
which the tonal elements are derived from AM
theory. However, none of those applications has
implemented the theory’s core concept of targettransition. Most critically, there have been a lack of
open-access systems that allow direct quantitative
comparison of AM theory to other theories.
The aims of the present study are to 1) develop an
enhanced version of AMtrainer with the capacity to
learn numerical parameters of tone categories of AM
theory that can be used to generate continuous F0
configurations for sentences that have been tonally
annotated, and 2) use the results of this updated
AMtrainer to test the validity of the fundamental
assumptions of AM Theory.
2. METHODOLOGY
2.1 Developing AMtrainer

1. INTRODUCTION
Technological advances have prompted a movement
to computationally implement prosodic theories to
the extent that they can automatically learn
numerical parameters from speech data and apply
the learned parameters to generate intonational
configurations for novel utterances [5, 7-8, 13, 20].
The Common Prosody Platform (CPP) was
developed to facilitate this movement by making
various prosodic theories directly comparable to
each other in terms of their capacity to predict
prosodic configurations [16]. Among the theories
implemented was the well-known AutosegmentalMetrical (AM) theory [3, 14], in the form of the
computational program AMtrainer [1]. However,
this and another early version of AMtrainer [11]
were only able to perform direct fitting of local F0
contours, so that different instances of a tone
category have different F0 values rather than sharing
a category-specific common value. Such a model
therefore still lacks predictive power.
There have also been other computational models
of intonation that implement the concepts of the AM
theory. But they vary to the extent that they adhere to
the core notion that intonation consists of contrastive
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The AM theory posits that English intonation consists
of tones that are either H (high) or L (low) that are
manifested as turning points in surface F0 contours,
and transitions between them that are either linear or
curvilinear [3, 14]. This scheme was faithfully
implemented in a previous version of AMtrainer [11].
In that version, however, there was no categorization
of, or ways to empirically define the tones, because
each F0 target, including both its height and
alignment, remains the same as in the original speech
sample, and are directly taken from the annotated
targets even during synthesis. This makes that version
of AMtrainer largely a curve fitting program. To
make the program predictive, it is necessary to
achieve categorical parameterization of the tones.
At least two aspects of a tone can be
parameterized: F0 and temporal alignment. Of the
two, the first is relatively well defined in the theory,
i.e., it specifies both the tone category itself and the
pitch range determined by either a baseline or a
reference line [2-3]. For alignment, however, there
are no clear theory-motivated specifications. There
have been reports from empirical research on
consistent alignment of F0 turning points for some

tonal accents [4, 9-10], but so far there is no
consensus.
For the present study, we tested parameterization
of only tone height; and even for this we tested only
that of tone-specific target height, without
implementing a baseline or reference line [2]. One
motivation for this choice is that our prior modelling
with PENTAtrainer did not show clear detrimental
effects of lack of explicit declination [20].
The parameterization of tone-specific target
height is straightforward. We define the height of a
tone as the mean F0 of all the individual tokens of
the same tone category in a corpus. In terms of the
inventory of tone categories, we considered only
those for which there is a clear consensus. In
particular, composite tones like LH* and HL* were
not included, due to difficulty of distinguishing them
from singleton tones. Also not included were L- and
H-, whose implementational definitions are not
clear. The F0 between the tonal targets are either
straight lines or parabolic curves, following [15].
Technically, AMtrainer is implemented as a Praat
[6] script and is openly accessible at [1].
2.2. The corpus

The corpus consists of a total of 192 utterances
produced by a female speaker in the experimental
corpus collected in a study of American English
intonation [12]. It includes 6 unique sentences, each
said in two sentence types (declarative vs. question)
and two focus conditions (medial vs. final). As
shown below, each target utterance is preceded by a
leading sentence (in parentheses) that elicited a
specific focus (by boldface) and sentence type (by
punctuation) condition. Each sentence was repeated
8 times, resulting in a total of 192 utterances.
1. (Not an internship./?) / (Not La Massage./?)
You want a job with Microsoft./?
You want a job with Microsoft./?
2. (Not an internship./?) / (Not Microsoft./?)
You want a job with La Massage./?
You want a job with La Massage./?
3. (It’s not fate./?) / (It’s not you./?)
There’s something unmarriable about me./?
There’s something unmarriable about me./?
4. (It’s not fate./?) / (It’s not me/you./?)
There’s something unmarriable about May./?
There’s something unmarriable about May./?
5. (It’s not Sears./?) / (It’s not Elaine./?)
You’re going to Bloomingdales with Alan./?)
You’re going to Bloomingdales with Alan./?)
6. (It’s not Sears./?) / (It’s not Alan./?)
You’re going to Bloomingdales with Elaine./?)
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Each utterance was manually labeled in AMtrainer,
under the Interactive view task, for 7 tone categories:
%, L, L*, L%, H, H* and H%. The % tone is unique
to AMtrainer, but its inclusion is obligated by the
need for an onset F0 point that specifies the
transition to the very first tonal target. The alignment
of each tone with its respective position in each
sentence remains the same during resynthesis.
2.3. Model training and synthesis

The training was done under the Get ensemble files
task in AMtrainer. The procedure All_AM_means
was called to calculate mean F0 (in semitones) of
each of the tones across the whole corpus based on
the annotated tone labels. The resulting tonal
parameters are shown in Table 1.
Table 1: AM tonal means obtained by AMtrainer from
the present corpus.
Tone
Name
%
L
L*
L%
H
H*
H%

Tone
Height
93.52
89.20
91.24
80.19
93.73
93.72
101.19

These parameters were then used to generate fresh
F0 contours that were used to resynthesize all the
sentences in the corpus. In addition, resynthesis was
also done with an early version of AMtrainer that
performed only local fitting. An example of the
resynthesized F0 contour is shown in Figure 1.
2.4. Listening experiment

Ten native speakers of English, 7 males and 3
females, all students at University College London
(UCL), were recruited as subjects in a listening
experiment. They heard 3 versions of each of the 24
sentences: the original recording, prosody generated
by the previous version of AMtrainer that generated
F0 via local contour fitting, and prosody generated by
the new version. The listening tests were done in a
quiet room at UCL, and the presentation of the stimuli
was administered via Praat’s ExperimentMFC
interface. Subjects were shown the question
corresponding with the experimental task at hand,
along with a set of buttons representing the different
choices they had to make.
Only one of the 8 repetitions of each of sentence
type and focus combination was used, such that 24
of the original 192 utterances were played in each of
the three conditions. Each version of these 24
utterances was replicated 3 times, so that each
listener heard a total of 216 randomized utterances.

For sentence type judgment, subjects were asked if
the sentence was a statement or a question. For focus
judgment, they were asked which word in each
utterance, or none of them, was emphasized. For
naturalness judgment, Mean Opinion Score (MOS)
was used, and subjects were asked to rate how
natural they felt each sentence sounded, with 1 being
“completely unnatural” and 5 being “very natural.”

3.2. Sentence type judgment

Table 3 shows percentages of correct judgment of
sentence type on stimulus sentences with 3
difference sources of F0 contours.
Table 3: Percentages of correct responses to the sentencetype judgment by stimulus group
Sentence
Type
Question

3. RESULTS
3.1. Synthesis Accuracy

Table 2 shows the RMSE and correlation values for
AMtrainer’s local fitting and global fitting by
stimulus subgroup. Figure 1 shows one example of
the globally synthesized F0 curves as compared to the
F0 curves of the natural sounds. A repeated measures
ANOVA showed that there was significant difference
between local and global fitting in both RMSE and
correlation (RMSE: F(1,191) = 11.821, p = 0.001,
Partial Eta Squared = 0.058; Correlation: F(1,191) =
173.302, p < 0.001, Partial Eta Squared = 0.476).
From local fitting to global fitting, RMSE increased
and correlation decreased, indicating that synthesis
accuracy significantly decreased, as expected.
Table 2: Mean RMSE & Pearson correlation for each
stimulus subgroup for both local and global synthesis
Sentence
Type
Question

Focus

Final
Medial
Sub-avg.
Statement Final
Medial
Sub-avg.
Grand average

Local fitting
RMSE
r
1.267
0.901
1.407
0.941
1.337
0.921
1.759
0.848
3.195
0.775
2.477
0.812
2.218
0.866

Global fitting
RMSE
r
1.881
0.788
3.256
0.725
2.569
0.757
2.8
0.731
9.724
0.584
6.262
0.658
4.415
0.707

Figure 1: Globally synthesized F0 curve and natural
F0 curve for the sentence “You want a job with
Microsoft.” Blue dotted line: Natural F0 curve; Red solid
line: synthesized F0 curve.

Statement

Focus

Natural

Final
Medial
Sub-perc.
Final
Medial
Sub-perc.

98.89
100
99.44
75
88.33
81.67
90.56

Grand mean

Local
fitting
98.33
99.44
98.89
82.22
93.89
88.05
93.47

Global
fitting
97.22
96.11
96.67
68.33
91.11
79.72
88.05

Mean
98.15
98.52
98.43
75.18
91.11
82.96
90.74

A one-way repeated measures ANOVA showed a
significant effect of pitch source (F(2,18) = 6.733, p =
0.007, Partial Eta Squared = 0.428). The most
prominent difference is between local fitting and
global fitting (t(24) = 3.00, p = 0.002), while there
were no significant differences between the natural
sounds and either synthetic fit (t(24) = -2.40, p =
0.076; t(24) = 0.600, p = 1.00). It is also notable that
the overall judgments on local fittings were better
than those of natural stimuli, which could be
explained by some targets being mistakenly given
very low F0 due to inaccuracy of F0 extraction in
Praat, which might have actually assisted listeners’
judgments. Regardless of pitch source, judgments for
questions were overall more accurate than for
statements. It seems that for this corpus, statements
are more mistakable for questions. It could be the
case that the presence of both medial and final focus
has given listeners the impression that the speaker
was producing rhetorical questions. It is also possible
that since most of the subjects were British English
speakers, it was difficult for them to make judgments
about American English prosody.
3.3. Focus judgment

Both types of fittings have significantly decreased
accuracy for medial focus, and especially for medial
focus statements. However, this decrease in accuracy
is much more pronounced in global fitting than in
local fitting.
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The results of focus judgment are shown in Table 4,
broken down by subgroups. Errors of judgment were
much more common in statements than in questions,
and especially when the focus was final. But this
drop-off is consistent across natural and synthetic
conditions, indicating that focus is generally less
detectable in statements.
An ANOVA (F(2,18)=6.225, p = 0.009, Partial Eta
Squared = 0.409) showed that there was a significant
difference between natural utterances and global
fitting (t(24) = 3.00, p = 0.015), but not between
natural utterances and local fitting (t(24) = 1.90, p =
0.082). Therefore, even if the effect of the synthetic

conditions is not overwhelming, it cannot be
dismissed.
Table 4: Percentages of correct responses to the focus
judgment task by stimulus subgroup
Sentence
Type
Question

Focus

Original

Final
Medial
Sub-avg
Statement Final
Medial
Sub-avg
Grand average

95.56
95
95.27
75.56
88.33
81.94
88.61

Local
Synthesis
94.44
93.89
94.17
71.11
82.78
76.94
85.56

Global
Synthesis
92.22
89.44
90.83
76.67
78.89
77.78
84.3

Average
94.07
92.78
93.42
74.45
83.33
78.89
86.16

Table 6: Mean RMSE & Pearson correlation reported in
Xu [20] for all the speakers in the same English corpus

3.4 Naturalness judgment

The naturalness judgment results are shown in Table
5. There is a clear trend of decrease in naturalness
from natural to synthetic stimuli, and from local
fitting to global fitting. An ANOVA showed a
significant effect of pitch source (F(2,18) = 20.825,
p < 0.001, Partial Eta Squared = 0.698).
Table 5: Mean naturalness ratings by stimulus subgroup
Sentence
Type
Question

Focus

Original

Final
Medial
Sub-avg
Statement Final
Medial
Sub-avg
Grand average

4.128
4.222
4.175
4.172
4.127
4.15
4.162

Local
fitting
3.311
3.778
3.544
3.694
3.339
3.517
3.427

Global
fitting
3.022
3.022
3.022
3.522
2.85
3.186
3.104

from which the sub-corpus in the present study was
drawn. It used PENTAtrainer to categorically
parameterize focus and sentence type through global
optimization. In terms of both RMSE and correlation,
AMtrainer with local fitting performed largely similar
to PENTAtrainer. However, the performance of the
new global fitting was lower than that of
PENTAtrainer even in the cross-validation condition,
where each speaker’s prosody is generated by
parameters trained on all other 7 speakers.

Average
3.487
3.674
3.580
3.796
3.439
3.618
3.564

Accuracy
Learning mode
Speaker dependent
Group average
Cross validation

RMSE
2.07
2.77
2.98

Correlation
0.836
0.772
0.757

The comparison of Table 6 and Table 2 is not entirely
appropriate, however, because the full potential of
AM theory is by no means adequately reflected by the
current version of AMtrainer. Clearly missing are
composite tones like LH* and HL*, phrase tones like
H- and L-, baseline or reference line, and possibly
pitch range specifications [9]. Also missing is
parameterization of tone alignment [4，10], which is
potentially critical for naturalness. For these nuanced
aspects of the theory, however, we will need insights
or direct collaborations from researchers with greater
familiarity with AM theory than us.

4. DISCUSSION

5. CONCLUSIONS

The results of both numerical comparisons and
perception tests show that the new version of
AMtrainer with global fitting based on categorical
parameterization of tones can approximate the
essential F0 contours of English intonation that
convey
focal
and
sentential
meanings.
Unsurprisingly, its performance is not as good as the
early version of AMtrainer with only local fitting of
F0 contours, which is expected as a model becomes
predicative.
Also
unsurprisingly,
even
F0
configurations generated by local fitting were not as
good as those of natural speech in terms of both focus
and sentence type judgment and naturalness rating.
But the development of AMtrainer has at least made
such comparisons possible by computationally
parameterizing tonal categories of the AM theory.
The development of AMtrainer also makes it
possible to compare AM-theory based modeling with
models based on other theories of intonation. For
example, Table 6 shows mean RMSE and correlation
values from [20], which can be compared to the grand
averages obtained in the present study shown in Table
2. That study applied PENTAtrainer to the full corpus

This paper has presented the first version of
AMtrainer that can perform predictive synthesis with
categorically parameterized tone targets in American
English.
Despite
the
simplicity
of
the
parameterization (global averaging of F0 heights),
fairly natural sounding F0 configurations could be
generated that bear both focus and sentence type
information, showing that AM Theory has some
promise as a model for predictive speech synthesis.
This is a step forward toward full quantification of
AM theory. It also further enriches the Common
Prosody Platform [16].
These results also have interesting implications
about AM Theory. Since the AM labels are abstract
representations of tones, and abstractions must be
made concrete in order to make predictive synthesis
possible. To this day, AM tones are labeled manually
based on observed F0 events. So the theory provides
no way to predict where exactly tonal targets will
actually occur. To fully computationalize the AM
Theory, theorists must at least agree on where the AM
tones should occur based on theoretical predictions.
More work is therefore needed in future research.
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ABSTRACT

gories. The indirect-mapping design (recognitionand-synthesis approach) includes two steps: a silent
speech recognition (SSR) [10, 11, 12, 13] stage for
converting non-audio articulatory signals to text, and
a text-to-speech (TTS) [14, 15] synthesis stage for
converting text into speech. The direct-mapping
SSI design is articulation-to-speech (ATS) synthesis [3, 4, 5, 7, 16, 17], which directly maps articulatory information to speech (Figure 1). Compared to
the indirect-mapping design, ATS-based SSI has the
benefit of real-time and easy implementation. In addition, ATS is independent of textual input whereas
the performance of the indirect-mapping SSI highly
depends on the accuracy of speech recognition. Because of these advantages, ATS has recently gained
increasing attention from researchers in SSI.

Articulation-to-speech (ATS) synthesis is to directly
synthesize speech from articulatory information,
which does not require textual input. ATS has recently shown the potential for assistive technologies
such as silent speech interfaces (SSIs). ATS is theoretically language-independent, since there is no
dictionary involved. However, to our knowledge,
there is no data-based experiment has been conducted to answer this question, due to lack of the
multi-language, articulatory movement data from
the same speakers. In this study, we conducted
speaker-dependent ATS experiments using data collected from bilingual speakers, who speak two of
the three languages: English, Spanish, and Korean.
The experimental results indicated the performance
was degraded if ATS was trained with a language
and tested with another language. Interestingly, we
observed the performance of ATS for one language
could be improved if some samples of another language were added to the training dataset.

Another benefit of direct-mapping method (ATS)
is the reduced level of language dependency that is
inherent to their design. Whereas indirect-mapping
SSI method utilizes SSR systems that are heavily
language dependent, no part of a direct ATS system that is explicitly language dependent. This does
not mean we should expect direct ATS systems to
be completely language independent. While we
hypothesize that the mapping between articulatory
movements and the sounds that they produce is independent of language, the subset of common motions pertaining to a specific language is not. This
means that if an ATS system is asked to synthesize
a phoneme that doesn’t exist in the language it is
trained on, that system is less likely to produce the
appropriate speech sound.

Keywords: Articulation-to-speech synthesis, deep
neural network, silent speech interface.
1. INTRODUCTION
Silent speech interfaces (SSIs) [1] are devices to facilitate speech communication for individuals that
are unable to properly vocalize speech sounds. For
individuals like laryngectomees (people who have
their larynx removed due to the treatment of laryngeal cancer), SSIs provide a way of recovering normal communication. SSIs capture the biosignals with different technologies such as electromagnetic articulograph (EMA) [2], permanent magnetic articulography (PMA) [3, 4, 5, 6], ultrasound
[7], non-audible murmur (NAM) [8, 9]. Based on
the model is directly or indirectly mapping from
articulatory bio-signals to speech, the software design of SSIs typically falls under two major cate-

While the idea that direct ATS systems are
language-independent has been suggested in the literature [18]. It has not been investigated due to lack
of multilingual articulatory data from same speakers. In this paper, we utilized data from two bilingual
speakers (one English/Spanish speaker, and one English/Korean speaker) to develop ATS systems and
examined the degree to which these systems are capable of generalizing to new languages using little or
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Figure 1: Articulation-to-speech Synthesis Model.

shown in Figure 2. The sampling rate of EMA data
is 100Hz. The spatial precision of movement tracking is about 0.5mm [20]. Before the data collection, a three-minute training session was conducted
to help participants adapt to the speaker with sensors
on their tongue and lips. For each subject, the data
collection was completed in one session to ensure
that sensor locations are identical for the different
language recordings.

y
z

x

Figure 2: Sensor Locations.

To obtain head-independent articulatory movement, first the head motion collected from the forehead sensor was subtracted from the motion of articulator sensors. The derived Cartesian coordinates
system is shown in Figure 2: x is lateral direction,
y is superior-inferior direction, and z is anteriorposterior direction. All of the EMA data were upsampled to 200 Hz using a spline interpolation procedure to match the 5 milliseconds frame rate of
acoustic features.A three-minute adaptation session
was conducted to help participants adapt to speaking
with sensors on their tongue and lips

no data from the language to be synthesized. Additionally, by examining two different language pairs,
English-Spanish and English-Korean, we hope to
identify the degree to which phonetic differences between languages inhibit the ability of ATS systems
to generalize to new languages.
2. DATA COLLECTION
Electromagnetic articulograph (EMA) data from
two speakers was used for this study. One female
speaker who speaks Spanish and English, and one
male speaker who speaks Korean and English participated in the data collection sessions. Each subject
repeated a sequence of 132 phrases in each of two
languages he or she speaks at their habitual speaking
rates. 264 phrases were recorded from each subject.
The 132 phrases were selected from phrases which
are frequently spoken by the users of augmentative
and alternative communication (AAC) devices [19].

Table 1: Experimental setup.
Acoustic Feature
Mel-Cepstral Coefficients (MCCs)
Band Aperiodicities (BAPs)
Fundamental Frequency
on log scale (log-F0)
Voiced/Unvoiced (V/UV) label
Sampling rate
Windows length
Articulatory Feature
articulatory movement (4 sensors)

2.1. Tongue motion tracking device

The EMA and audio data were collected using
the Wave system (Northern Digital Inc., Waterloo,
Canada). During data recording, the movement of
articulators were captured by four sensors attached
(two on the tongue and two on the lips). One additional sensor was attached to the forehead for the
correction. Two tongue sensors were attached to the
tongue tip (TT, 5-10 mm to tongue apex) and tongue
back (TB, 20-30mm back from TT) with dental glue
(Peri-Acry1 90, GluStitch). Two lip sensors were
attached to the middle of upper lip (UL) and lower
lip (LL) with tapes. The locations of the sensors are

Common
Frame rate
DNN Topology
Input

Output.
No. of nodes each hidden layer
Depth
Learning rate
Batch size
Epoch
Optimizer
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187-dim. vectors
(60-dim. vectors) +
∆ + ∆∆ (180-dim.)
(1-dim. vectors) + ∆
+ ∆∆(3-dim.)
(1-dim. vectors) + ∆
+ ∆∆ (3-dim.)
(1-dim.)
22050 Hz
25 ms
36-dim. vectors
(12-dim. vectors) + ∆
+ ∆∆ (36-dim.)
5 ms
Articulatory movement:
36-dim.
3D motion of 4 sensors
+ ∆ + ∆∆
187-dim. acoustic feature
512
6-depth hidden layers
0.0035
128
25
SGD

BAP (dB)

MCD (dB)

0.342

7.026
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Figure 3: Results of Experiment Session 1.

3. METHODS

tested the trained ATS models with a different language from same speakers. This goal of this session
is to gauge how well single-language ATS systems
can generalize to new languages for two different
language pairs. In the second session, we used the
mixtures of two languages as training data and tested
the model on each language. In this experiment,
we keep the total number of sentences in training
100, and vary what percentage of the training data is
drawn from each language. The goal of this experiment is to measure the degree to any performance
degradation related to the language-dependency of
the ATS system can be mitigated by the inclusion of
some portion of in-language training data.

3.1. Articulation-to-speech synthesis

In this study, we implemented an ATS system which
uses deep neural network (DNN) to predict acoustic
features from the EMA data (Figure 1). The input
of DNN is the articulation sensor data concatenated
with its first and second order derivative. The output of DNN is the concatenation of acoustic features
to be fed to a voice encoder (Vocoder) for speech
synthesis. The acoustic features used include: melcepstral coefficients (MCCs) [21], band aperiodicities (BAPs) [22], logarithm of fundamental frequencies (Log-F0s), and a voiced/unvoiced flag. These
acoustic features are sent to the Vocoder for synthesizing speech. The measurement of ATS performance was the accuracies of acoustic feature prediction. The Vocoder used in this study is the World
Vocoder [23]. The detailed experimental setup is
shown in Table 1.

4. RESULTS AND DISCUSSIONS
The results of the first experiment session are presented in Figure 3. Here the lower numbers indicate
better performance of ATS. The green color represents the English-Korean speaker, and the yellow
color represents the English-Spanish speaker. We
can see that all of four objective measurements of
ATS: mel-cepstral distortion (MCD), band aperiodicities distortion (BAP), RMSE of fundamental frequency (F0-RMSE) and voiced/unvoiced (V/UV) error rate were increased when the ATS was applied
to testing data of different languages. Except for
the F0-RMSE was decreased when the ATS trained
on English was tested on Spanish. But since F0 is
less related to articulatory movement, improvement
in F0 estimation does not necessarily indicate a better ATS. We still consider the performance of ATS

3.2. Experimental Setup

As mentioned, 132 sentences were recorded for each
of two languages spoken by each of subject. Each
132-sentence dataset was separated as a training set
of 100 sentences, a validation set of 16 sentences
and a testing set of 16 sentences. We conducted two
major experiment sessions in this study. In the first
session, firstly we conducted speaker and languagedependent ATS experiments as the baseline, which
means both training and validating data are from
same speakers and for same languages. Then we
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Figure 4: Results of Experiment Session 2.

5. CONCLUSION AND FUTURE WORK

was decreased since both MCD and BAP distortion
were increased.

This study investigated the performance of ATS
systems when synthesizing speech from languages
other than the primary language of the training data.
The experiments conducted in this paper yielded
three main findings. First, we observe a reduction in
the performance of ATS systems when synthesizing
languages outside of the training set. Second, we
found that this reduction in performance is heavily
dependent on the degree of similarity between the
language being synthesized and the language used
for training. While there exists a large performance
loss when using an English-trained ATS system to
synthesize Korean, the performance loss when using an English-trained system to synthesize Spanish
was found to be relatively minor. Third, it can be
observed that at below a certain proportion of inclusion of the second language the results flatten out,
with the only difference is beyond that point being
attributable to experimental fluctuations.
Although the results of the experiments conducted in this paper are largely in agreement with
our prior hypotheses, the reliability of these findings
is inherently limited by the data size. Because the
data used was collected from only two participants,
our findings are hard to generalize to other speakers.
Furthermore, as the systems examined in this paper
are all speaker-dependent, it remains an open question whether or not these findings will be consistent
with those for speaker independent systems. Future
work will focus on expanding this study with more
speakers.

Moreover, we can observe that English-Korean
ATS and English-Spanish ATS performed differently. When the ATS trained with English was
tested with Korean, the performance was decreased
significantly (5.37 dB to 7.03 dB in MCD), and
vice versa (5.06 dB to 6.77 dB in MCD). However
for the ATS trained with English was tested with
Spanish, the MCD was only increased by 0.04 dB
(6.04 dB to 6.08 dB), and 0.43 dB MCD was increased when trained with Spanish and tested with
English. These observations indicated that Spanish
has a higher similarity in articulatory patterns to English than Korean.
Figure 4 shows the mel-cepstral distortions
(MCDs) of the second session which is testing ATS
trained with the mixtures of two languages with both
two languages. Here we present MCD only because
it is more correlated to articulatory movement than
other acoustic features. The x-axis is the number of
the training sentences in testing language. For example, for the Testing on English curves in figures,
90 on x-axis means the ATS was trained with dataset
contains 90 English sentences, and 10 the other language sentences.
As can be seen in Figure 4(a), for Korean ATS,
the best performance was achieved by using 100%
Korean sentences as training data. However, for English the best performance was achieved by using
80% English and 20% Korean. In Figure 4(b), the
best performance of Spanish was achieved by using 80% Spanish and 20% English. For English, it
is 60% English and 40% Spanish. These numbers
indicated that there are similar articulatory patterns
between Korean and English, Spanish and English
since each of them has improved the performance of
ATS for another language or been improved performance of ATS by another language.
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ABSTRACT

ment approaches that apply spectral-only modification algorithms in an attempt to imitate the
empirically-observed behaviour of speech produced
in noise (i.e. the Lombard speech [15, 23]) where
more energy is found at higher frequencies [10, 12,
23]. These algorithms are typically generalisations
of high-pass filtering, spectral tilt or centre of gravity
changes that work by optimising an objective metric
of intelligibility for the purpose of minimising the
effect of energetic masking (EM) in a known noise
scenario (e.g. [14, 19, 22]).
In our earlier work [1, 2], an algorithm was proposed to optimally modify the spectral shape by
adapting the first few coefficients of an auditory
cepstral representation such as to maximise an intelligibility metric subject to an energy constraint.
Two objective metrics were compared, namely the
Glimpse Proportion (GP) [4] and the discriminative microscopic intelligibility (DIS) [1]. The GP is
computed as the proportion of the spectro-temporal
(S-T) representation of the speech signal that is free
from masking. This approach maximises the unmasked acoustic features of speech without paying attention to their relative perceptual importance.
In contrast, the DIS approach emphasises important acoustic features that are believed to underlie
the intelligibility of speech in noise by focusing on
phonemes classes. It employs a statistical speech
model and is computed as the ratio of probability
between the correct transcription and the most probable incorrect transcription (as a single candidate).
It requires a pre-trained speaker-dependent speech
model and employs missing data speech recognition
theory to handle energetic masking [6].
In this work, we aim to advance the work in [1, 2]
by proposing a time-varying spectral shaping algorithm in order to account for the masker’s temporal
fluctuations. The algorithm operates on a sequence
of signal segments. Within each segment, it defines
a spectral weighting pattern for each S-T element
in order to amplify perceptually important S-T ele-

We develop an optimisation approach to near-end
intelligibility enhancement based on a time-varying
spectral shaping to increase speech intelligibility in
non-stationary noise. It works by modifying the first
few coefficients of an auditory cepstral representation such as to maximise an intelligibility metric using noise-related information. We experiment with
two contrasting intelligibility metrics. The first is a
glimpse-based objective intelligibility metric that is
derived from an energetic masking model. While,
the second is a discriminative intelligibility metric
building on the principles of missing data speech
recognition, to model the likelihood of specific phonetic confusions that may occur when speech is presented in noise. The latter metric is computed using
a statistical model of speech from the speaker that
is to be enhanced. A formal listening test confirm
the efficiency of the proposed algorithm in enhancing speech intelligibility in noise.
Keywords: Speech technology, speech perception,
objective intelligibility models, intelligibility enhancement.
1. INTRODUCTION
The field of speech intelligibility enhancement, also
referred to as near-end intelligibility enhancement,
has gained much recent interest. While conventional speech enhancement techniques (e.g. [11])
process the corrupted speech signal at the receiverside of the communication chain, the intelligibility
enhancement techniques (e.g. [1, 16, 17, 18, 20, 21,
24]) pre-process the clean speech at the transmitterside before it is broadcast into the noisy environment. This paper focuses on the latter approach using an analysis-modification-resynthesis framework
to promote speech intelligibility in the presence of
noise.
There are many existing intelligibility enhance-
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time-invariant shaping approach [1] the only difference being the larger parameter space, i.e., whereas
before we have a single shaping vector, we now have
one per segment.
In this work, segments have been defined by placing segment boundaries at the dips in the signals
temporal energy envelope. Roughly speaking, each
segment centre will correspond to a vowel centre.
This segmentation is motivated by the fact that the
temporal envelope variations are reduced in the lowenergy parts of speech signal (e.g. nasals, onsets and
offsets) [3]. Thus, the shaping will have least impact
on the most sensitive parts of the signal, reducing
the potential for perceptual distortions.
The parameters for the modification, i.e., the vectors c which control the shaping of the segments, are
then found by optimisation with respect to either the
GP or DIS intelligibility measures. Parameter optimisation is performed using the Nelder-Mead Direct
Search method [13]. For details see [1].

ments above the level of the masker. We hypothesise
that applying a temporally-varying spectral shaping
algorithm to the target speech is likely to be most
beneficial when the masker itself is also modulated,
since it will help define an accurate weight for each
S-T element.
The remainder of this paper is organised as follows. First, we will explain the general framework
of the proposed method in Section 2. Then, a subjective evaluation and comparison to the reference
method are provided in Section 3 and Section 4. Finally, the paper is concluded with a discussion and a
conclusion in Section 5 and Section 6, respectively.
2. TIME-VARYING SPECTRAL SHAPING
The spectral modification method, proposed in [1],
works by defining a weight for each frequency band
which remains fixed across time within each band.
In this section, we develop a time-varying spectral
modification in which a weight is defined for each
individual frequency and time-frame.
The signal is considered as a number of temporal
segments each with its own shaping, S, controlled by
N cepstral parameters c = [c1 . . . cn ]T . Specifically, S
is defined as
N−1

(1) Sc (t, f ) =

π

3. LISTENING TESTS
Twenty four normal-hearing subjects participated in
the study. Listeners were students and staff at the
University of Sheffield whose age ranged from 18 to
30 years. The listeners were required to be native
English speakers, with no history of speech and/or
language dis-orders. All were paid for their participation. Ethics permission was obtained following
the University of Sheffield Ethics Procedure.
The speech materials are from the Grid corpus [5].
The corpus consists of sentences recorded by a total
of 34 native English speakers (18 male and 16 female). All sentences exhibit the same six words with
a fixed grammar of the form “command” “colour”
“preposition” “letter” “number” “adverb”. There
are 1000 utterances recorded from each speaker
sampled at 25 kHz. The length of each utterance
is about 2.2 seconds.
As additive disturbances, two different noises
were considered: (i) a stationary speech-shaped
noise (SSN) that was generated by filtering white
Gaussian noise through a 100-order all-pole filter,
the long-term average spectrum of this noise was approximated to match that of the Grid speech material, and (ii) a non-stationary N-talker babble modulated noise (BMN), which were produced by modulating SSN with the envelope of N-talker babble for
various N. As in [4], the envelope was calculated
by convolving the absolute value of an N-talker babble signal with a 7.2 ms rectangular window. Babble was generated then by summing utterances with
equal rms energy from the Grid corpus. In this study,

1

∑ at cn cos( F (n + 2 ) f ),

n=0

where t = 1, . . . , T , and T is the total number of
frames in the segment, f = 1, . . . , F and F is the
number of frequency bands and at is a time-varying
scaling factor shaped as a triangle function to maximises the shaping in the segment centre and reduce
it to zero at the segment boundaries to ensure continuity, i.e.
(
2(tT − t)/T
if t < tc
(2) at =
2(t − t1 )/T
if t ≥ tc
Finally, we obtain the modified log spectrogram
X̂(t, f ) for the segment by summing the original log
spectrogram X(t, f ) and the spectro-temporal shaping weights, Sc (t, f ),
(3) X̂(t, f ) = X(t, f ) + Sc (t, f )
Note, this is equivalent to modifying the first N coefficients of the cepstral representation of X.
After spectrally shaping each spectrogram segment, segments are concatenated, the time-domain
signal is resynthesised and a level normalisation is
applied across the entire signal to ensure that the energy of the signal remains unchanged. The optimisation process follows that described in our earlier
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N was set to 5.
Three different speech enhancements are compared in the evaluation, namely; ‘TVGP-DRC’,
‘TVDIS-DRC’, and ‘SSDRC’, and one unmodified
natural speech ‘ORG’. The ‘TVGP’ and ‘TVDIS’
denote the time-varying spectral modification by optimising the GP metric, and the DIS model, respectively. Both are noise-dependent algorithms. We
further processed the TVGP and TVDIS modified
speech with the time-domain dynamic range compression (DRC) method, as described in [24]. The
DRC works by producing a time-varying gain to reduce the envelope variations of a signal. To compare our noise-aware approaches with a state-of-theart noise-independent approach, we pre-process the
clean Grid data with the spectral shaping and dynamic range compression algorithm as described in
[24]. We refer to this system as ‘SSDRC’
The TVGP and TVDIS were generated with spectral shaping using four cepstral coefficients c (i.e.,
N = 4). Speech spectral shaping was performed using the filterbank analysis-synthesis framework described in [9]. Note, the first cepstral coefficient,
c0 is arbitrarily fixed to 0 because it simply adds a
constant gain factor across frequency that does not
change the spectral shape. After resynthesis, the energy of pre-enhanced signal is scaled such that the
global signal energy remains unchanged before and
after spectral modification. The result is the modified signal, x̂, that will be transmitted into the noisy
environment.
The SSN and BMN maskers were added separately to the four speech types at three SNRs: −3,
−6 and −9 dB. The target utterances were mixed
with the masker after the modification mechanism
and energy renormalisation.
To train acoustic speech models, a 17,000 utterance training set was provided containing 500 utterances of each of the 34 Grid speakers. We construct phoneme-level HMMs. The number of acoustic phoneme models K is 39. Each phone is modelled using a 3-state HMM with each state modelled as an 7-component diagonal covariance GMM.
We first train a speaker-independent (SI) model from
the full 17,000 utterances training set. Then we derived a speaker-dependent (SD) model for each of
the 34 speakers by running further parameter reestimations using just the target talker training data.
The four speech types namely: ORG, TVGPDRC, TVDIS-DRC, and SSDRC, were tested in 3
SNRs conditions of the 2 maskers using a total of
19, 584 stimuli (4 speech types × 816 utterances
(34 speakers × 24 utterances) × 6 noise conditions
(2 maskers × 3 SNRs)) divided into independent

Figure 1: The average percentage of utterances
in which the letters and digits were identified correctly across listeners as a function of SNR across
maskers.
Average user intelligibility scores (all) in BMN
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blocks of 136. The independent block was drawn
at random, without replacement in which a single
subject would hear 34 utterances from each speech
types into 6 blocks. The subjects were assigned into
blocks in which:
1. each subject heard one block of 136 (34 utterances × 4 speech types) utterances in each of
the 6 noise conditions;
2. no subject heard the same utterance twice;
3. each noise condition was heard by the same
number of subject.
Subjects were tested individually in an
acoustically-isolated booth.
Stimuli were presented once only. The task was to identify the letter
and digit spoken and type the heard keywords. Once
a participant had typed a response, the subsequent
stimulus was presented automatically. Null responses were not permitted. The test was completed
on average in 50-60 minutes.
4. RESULTS
In general, performance across listeners was reasonably consistent, so only the mean of the actual identification rates with standard errors averaged across
listeners as a function of SNR in the two maskers
and the four speech types are plotted in Figure 1. It is
evident that, for all modifications, the intelligibility
of modified speech signals was substantially higher
than that of the original corrupted speech (ORG)
across all SNRs for both maskers.
A two-way repeated measure ANOVA with
two within-subjects factors (modification type and
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ORG
TVDIS−DRC
SSDRC
TVGP−DRC

Table 1: p-values for comparing intelligibility scores between systems across maskers.

Masker
BMN

SSN

Methods
ORG
TVDIS-DRC
SSDRC
TVGP-DRC
ORG
TVDIS-DRC
SSDRC
TVGP-DRC

ORG
0.111
0.145
0.020
0.182
0.089
0.098

TVDIS-DRC
0.111
0.033
0.091
0.182
0.092
0.084

masker type) on identification rates indicated statistically significant effects of modification type
(F(3,15) = 21.5, p < 0.001), and the SNR level
across maskers (F(5,15) = 22.7, p < 0.001) on the
actual intelligibility of speech in noise. This suggests that the effect of modification strategies varied across SNR and were significantly different from
ORG for each masker type.
A post hoc test according to Fisher’s LSD (α =
0.05), computed separately for each masker type
across the SNR level using ANOVAs with the single
factor of modification type, indicated several significant differences between the different experimental conditions. The p-values can be found in Table 1. Some p-values appear to be non-significant
(e.g. 0.182) due to a very high variance.
The TVDIS-DRC method outperformed all other
speech types across SNRs level in BMN. Additionally, the intelligibility gains were roughly the same
for the TVGP-DRC and SSDRC. In the SSN masker
condition, however, the TVDIS-DRC and SSDRC
had a similar pattern of increase at −9 and −6
dB SNR, but the SSDRC (85%) outperformed the
TVDIS-DRC (72%) at higher level of SNR. The
lowest intelligibility gains were obtained by TVGPDRC in both maskers and was noticeable in the SSN
masker at all level of SNRs.

SSDRC
0.145
0.033
0.124
0.089
0.092
0.009

TVGP-DRC
0.020
0.091
0.124
0.098
0.084
0.009
-

bility. These findings suggested that a significant
gain can be achieved by first defining better objective intelligibility metric, and second by combing
time-domain modification method.
One limitation of the system is the lack of consistency in the findings across the SNRs which might
be associated to the optimisation algorithm. Although the the Nelder-Mead algorithm is appropriate for finding a better solution for the unconstrained
problem, it estimates a local maxima based on the
current estimates of the simplex. The size and position of the simplex is changing within each alteration
of the optimisation which might not alway guarantee
the optimal local maxima.
6. CONCLUSION
In this paper, we set out to develop an optimisation approach to near-end intelligibility enhancement which works by exploiting a priori knowledge
of a speaker and the noise environment to increase
the intelligibility of speech in noise. We automatically modified the speech signal according to the
environmental noise by maximising the intelligibility estimate without changing the energy level of
speech. We proposed a time-varying spectral shaping, and performed the optimisation on a segmentby-segment basis. Results showed that combining this system with a time-domain noise independent method (i.e. dynamic range compression) improved intelligibility particularly in non-stationary
noise compared to the state-of-the-art system.

5. DISCUSSION
All speech types were preprocessed by different
spectral modification methods and then by the
same time-domain modification, namely the DRC
method. In our evaluation, in line with the large
scale evaluation in [7, 8], we found that combing
the time-domain modification with the time-varying
spectral modification resulted in higher intelligibility gain. We attribute the higher gain of intelligibility obtained by TVDIS-DRC to using a better
intelligibility-optimisation method that optimised a
phoneme-level discriminative microscopic intelligi-
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ABSTRACT

in children is evaluated at 80%. If the origins of
stuttering remain a challenge for researchers, recent
works allow formulating several hypotheses about
the aetiology of developmental and persistent stuttering. Indeed, the origins of this trouble should be
multi-factorial since different studies point out genetic and neurological specificities in Persons Who
Stutter (PWS).

The aim of this study is to analyse articulatory
movements that occur during Stuttering-Like Disfluencies (SLD) and to propose a new classification of SLD based on supraglottic articulatory gestures. To carry out this study, ElectroMagnetic Articulography (EMA) data were collected within two
Persons Who Stutter (PWS) reading two texts. All
pathological disfluencies were identified in the production of PWS categorized as blocks, repetitions
and prolongations. Results show four articulatory
patterns occurring during the SLD: Reiterations of
series of movements leading to sound(s) or syllable
repetitions, global maintain of the articulatory posture, anarchical movements and a combination of
above. While the first category only concerns repetitions, the three others can concern SLD categorized
as repetitions, prolongations or blocks.

1.2. Phonetics of stuttering

As mentioned above, stuttered speech is characterized by the presence of disfluencies that are
more frequent than in non-stuttered speech. These
Stuttering-Like Disfluencies (SLD) can be classified mainly as blocks, prolongations and repetitions
(e.g. [11]) but other types of speech flow alterations
can be found in PWS (see [3] for a literature review).
Moreover, SLD present several specificities compared to non-pathological disfluencies. For example, stuttering is one of the scarce disorders where
disfluencies can frequently split a syllable ([17]).
In another study, [4] show that alterations of
speech flow by PWS are generally accompanied by
audible tensions. The same research shows that consonants can be prolonged in stuttering-like disfluencies, while this is not the case in normal alterations
of speech flow in French. Finally, they observe that
the duration of SLD is generally more important and
more variable.

Keywords: stuttering; stuttering-like disfluencies;
speech production; articulatory description.
1. INTRODUCTION
1.1. Stuttering

Stuttering can be defined as an alteration of speech
fluency having negative implications on communication ([7]). More precisely, this disorder is considered as a motor trouble that momentarily stops
speech flow. Several types of stuttering are mentioned in literature: developmental stuttering starting between age 3 and 7 and disappearing spontaneously, persistent stuttering beginning at the same
period but remaining present in adolescence and
adulthood; as well as acquired stuttering, generally due to a neurological accident ([7]). According to [15], 5% of the worldwide population have
been concerned by this disorder but its prevalence
is at 1% since the rate of ‘spontaneous’ remissions

1.3. Physiological description of SLD

However, classification of speech disfluencies as
non-pathological or pathological is not an easy task
given that several types of disfluencies are present
both in non-stuttered and stuttered speech. For instance, sound prolongations, repetitions, as well as
silences, can also be observed in people who do not
stutter. This is the reason why physiological descrip-
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2. METHODS

tions are necessary to determine what distinguish
stuttering-like disfluencies and non pathological disfluencies.

2.1. Data acquisition & participants

EMA data were collected by means of an electromagnetic articulograph Carstens AG501 3D at the
Lorraine Research Laboratory in Computer Science
and its Applications (LORIA, Nancy, France) with
a sampling rate of 250 Hz and an accuracy of 0.3
mm. All data were stocked in a .pos file and synchronized with a sound recording (44.1 kHz, 16 bits,
.wav). 10 sensors (2x3 mm) per subject were used:
two were fixed on the lips of each subject (1 in
the middle of the upper lip and another one in the
middle of the lower lip). 3 coils were situated on the
tongue of each subject; one on the tongue tip, one
on the tongue body and one on the tongue back. To
track the mandible’s movements, another sensor was
placed on the subjects’ jaw. The palate’s form was
indicated by means of a seventh coil. Other sensors
were used to control head’s movements.
Two PWS, one female and one male, aged respectively 23 and 26, both native speakers of French
and Wolof, were recruited for this study. Participants
were recorded while reading the text of an Alphonse
Daudet’s novel, La chèvre de Monsieur Seguin (Mister Seguin’s goat), in French and an Aesop’s fable,
Le lion et le rat (The lion and the rat). These recordings took place in a soundproof room.

Concerning the respiratory level, [13] observe that
the respiratory movements during pre-phonatory
phases are different in PWS. Other studies dealing
with this topic have been carried out (e.g. [10], [18]).
The laryngeal level also presents some specificities.
Indeed, [2] observe an abnormal activity of the vocal folds during stuttering-like disfluencies. Therefore, [8] prefer to talk about myoclonic movements
(spasms) to describe the glottis functioning in PWS.
Curiously, The literature concerning the supraglottic level in subjects who stutter remains scarse
and often deal with fluent speech produced by
PWS [5]. Among studies dealing with SLD, [6] reveal a deficiency in the jaw-phonatory connection.
The speech motor behaviour in PWS would tend
to be less efficient or even immature in the management of the coordination of different articulators. Thus, [14] supposes alterations of speech flow
are due to a coarticulation disruption. More precisely, [14] estimates that, in a [CV] sequence, transition between the two sounds should be the consequence of a disrupted antagonist muscles activity. This fault line would correspond to the moment
where stuttering-like disfluencies emerge.

2.2. Data analysis
1.4. Objective and hypothesis

2.2.1. Acoustic and perceptual analysis
As mentioned above, few studies have been carried
out on the way disfluencies are produced. Furthermore, most of these studies are based on extrapolations made from acoustic data. However, while it is
possible to obtain many informations thanks to the
acoustic signal, EMA data allow a more direct observation.

Data analysis rely on perceptual and acoustic identification of stuttering-like disfluencies. First, three
persons (two of the authors and a speech therapist
specialized in stuttering) identified all SLD in the
production of PWS, based on perception and on the
speech signal, without classifying these disfluencies.
They then discussed cases where they did not reach
agreement. In order to confirm their annotations and
identify the perceptual class of every disfluency, a
perception test has been carried out within the freeware Perceval ([1]), based on .wav files extracted for
each SLD. Five naïve listeners were then asked to
categorize SLD as blocks, repetitions, prolongations
or combined disfluencies (Fleiss’ kappa: 0.752).
Authors discussed cases where naïve listeners did
not reach agreement. Speech alterations identified
as combined disfluencies were eliminated from further study. Moreover, repetitions of diphones, syllables, words and other sequences containing more
than one phone were excluded from our research in
order to minimize influence of coarticulation on our

Consequently, the aim of this study is to provide
a description of articulatory behaviour during SLD.
More precisely, our objective is to analyse articulatory movements that occur during SLD and to propose a classification based on supraglottic articulatory gestures. Our hypothesis is that the nomenclature generally used to describe disfluencies does
not reflect the articulatory behaviour. If a same percept can be a result of different articulatory gestures
([12]), depending on speaker, phonetic environment,
etc., we postulate that the same articulatory patterns
could be at the origin of several perceptual types of
disfluencies ([3]).
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observations.
After exclusion of combined disfluencies and disfluencies concerning more than one phone, 250 SLD
were obtained. Their distribution according to the
perceptual type of disfluency and according to the
subject can be found in the Table 1. Although both
subjects have a severe stuttering, the distribution of
disfluencies is not the same: whereas speaker F produces 89 disfluencies, mostly blocks and prolongations, 161 of disfluencies analysed in this paper were
produced by M. For the speaker M, repetitions are
the most present perceptual disfluency type. Due
to these idiosyncratic characteristics of SLD in our
speakers, only 55 disfluencies (22%) were blocks.
Other 39.2% of disfluencies were prolongations. Repetitions represented 38.8% of all analysed SLD. All
of SLD were spontaneous, e.g. no factors were manipulated to elicit these disfluencies.

to a movement and therefore enhance non-activity
detection. Finally, we focus our analysis to the segments annotated as a disfluent production. For each
segment, we ignore the 10% first and the 10% last
frames in order to avoid transition effect. From
the remaining ones, we compute the percentage of
frames considered in movement.

Table 1: Distribution of stuttering-like disfluencies according to their perceptual type and according to the speaker

3.1. Percentage of frames in movement by type of
SLD

Female
Male
Total

Repet.
17
80
97

Prolong.
34
64
98

Block
38
17
55

2.2.3. Manual articulatory analysis
After this classification, the Visartico software ([9])
was used to visualize and analyse the vertical movements (the z axis) of the upper and lower lip, the
tongue tip, the tongue body, the tongue back and
the mandible in segments that included the stuttered
phone and its preceding and subsequent phones.
3. RESULTS

As we can see in Table 2, even though a threshold
has been defined to capture a maximum of nonmovement frames, there are still around 40% of
them considered as moving in average. Furthermore, the standard deviation shows an important
variability across the segments. Some segments are
even reaching 80% of movement.

Total
89
161
250

2.2.2. Automatic articulatory analysis

Table 2: Average movement percentage per type
and per disfluency type. The standard deviation is
indicated in parenthesis.

We can assess if there was a movement during the
production by inspecting the articulatory dynamics.
To do so, we have defined the following methodology. First, we consider t ∈ [0..T ] the index of the
frame and Ct the set of coils at frame t. From each
coil ct ∈ Ct , we compute the local velocity based
the central finite difference as defined in [16] using
Equation (1).

0


 0
r
(1) ∆(ct ) =




Repetition
Prolong.
Block

∑

ct+1 (i)−ct−1 (i)
2

else

Then, a movement at frame t, is detected if the following criterion is validated:
(2)

∑

Male
48.05 (12.91)
40.80 (9.60)
47.18 (11.08)

If we observe what happens for each type of
SLD, it is possible to notice, in average, that repetitions are the disfluencies produced with the greatest
amount of frames in movement in speakers F (average: 46.28%, SD: 13.15%) and M (average: 48.05,
SD: 12.91%). Blocks constitute the second type
of SLD where frames in movement are the most
present in F (average: 42.26%, SD: 11.69%) and
M (average: 47.18%, SD: 11.08%). Finally, less
frames are in movement in prolongations (average:
31.18%, SD: 13.43 in F; average: 40.8%, SD: 9.6 in
M).

t =0
t =T

i∈{x,y,z}

Female
46.28 (13.15)
31.18 (13.43)
42.26 (11.69)

f (∆(ct ), θc ) > |Ct |/2

ct ∈Ct

with f (v, θ ) = 1 if v is beyond θ and 0 else.
In this study, we define θc at 30% of the average dynamic of the whole corpus for each coil c.
This large threshold allows us to be less sensitive

3.2. SLD and articulatory patterns

Four main categories of disfluencies have been revealed by EMA data (a chi-squared goodness-of-
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fit test: χ2 =187.28, df=3, p=.000): a) Reiterations
of series of movements leading to sound repetitions (rep); b) Combination of a global maintain of
an articulatory posture and articulatory movements
(comb); c) Global maintain of the articulatory posture with or without an acoustic output and with or
without anticipation of the subsequent phone (no–
mov); d) Presence of articulatory movements with
or without inter-articulatory coupling (mov).
As shown in Figure 1, while the first category
mostly concerns repetitions, the three others can
concern SLD categorized as repetitions, prolongations or blocks, showing that a same articulatory
pattern can be observed for the 3 types of disfluencies (chi-squared test for independence: χ2 =39.302,
df=6, p=.000, effect size: 0.560).

Figure 2: Types of disfluencies and their length.

Disfl. length in s

Art. pattern

prolongation

mov

no-mov

rep

4
2
0

block

prolongation

repetition

Perceptual type of disfluency

is important to highlight that movements’ efficiency
during SLD can be due a) to the degree of constriction between the different articulators and b) to the
respiratory and/or the laryngeal level. Indeed, if air
pressure and/or vocal folds configuration are not adapted, the acoustic output will be absent.
Moreover, several types of articulatory patterns
have been observed during disfluencies. These patterns can be divided in two categories: those which
are carried out with slight vertical movements or an
immobilization of most articulators, and those produced with movements. Among the last category
cited, there are SLD presenting inter-articulators
coupling and SLD where articulators move independently of each other. These different patterns are
present for blocks, prolongations and repetitions. In
other terms, it means that a same type of disfluencies
can be produced in different ways. This allows to
draw a parallel between disfluencies and the Quantal theory [12]; This theory supposes that a same percept can be the results of several different articulators’ positions. As for disfluencies, a same disfluency
can be the result of different configurations.
Concerning articulatory patterns, it has been
shown that the longest disfluencies are carried out
with a combination of several articulatory configurations. This result suggests that more there are different articulatory patterns during a disfluency and
longer the disfluency will be. Consequently, making
an effort seems to be ineffective in PWS when they
have to overcome a disfluency.
Our study reports articulatory patterns seen in
their totality (all articulators taken together). Thus,
it seems necessary to investigate the contribution
of each articulator to observed patterns. Our result should finally be compared to an articulatory description of disfluencies of non-stuttering speakers.
Finally, we think that this research should be carried out in a longitudinal approach in order to verify
how articulatory patterns progress during a speech
therapy, showing that articulatory data should be
used more frequently during a stuttering reeducation
to note patient’s evolution.

Figure 1: Proportions of disfluency types. The
area of each rectangle gives the proportion of the
perceptual type (width) and the articulatory pattern (height).
comb
mov
no-mov
rep
Art. pattern

block

comb

6

repetition

Perceptual type of disfluency
3.3. Duration and SLD type

A linear model was fit with articulatory pattern and
perceived disfluency as the independent variables
and length as the dependent variable. The model
was significant: F=11.68 on 5 and 244 df, p=.000.
Our data indicate a clear preference of the combined
articulatory pattern to occur within the longest disfluencies. The duration decreases when the disfluency is characterized by the presence of a movement
during whole disfluency. The shortest disfluencies
are those where we observe a global maintain of articulatory posture and a repetition of an articulatory
movement. These effects are mostly prominent in
blocks as shown in Figure 2.
4. DISCUSSION AND CONCLUSION
To sum up, most of SLD are carried out with frames
in movement. If movements are generally observed,
it is possible to note that their ‘efficiency’ is variable: indeed, if some of them are audible during
prolongations and repetitions for instance, others are
ineffective since they are inaudible, as in blocks. It
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ABSTRACT
The goals of this study were to (1) determine the
effect of amyotrophic lateral sclerosis (ALS) on
velopharyngeal function during the early and later
stages of bulbar motor involvement, and to (2)
identify the most sensitive measure of velopharyngeal
dysfunction among several currently available
options. The velopharyngeal function of 82 patients
with ALS was compared to that of 20 normal controls
using a nasometer and the Phonatory Aerodynamic
System (PAS, PENTAX Medical). Forty-eight
patients with ALS were considered as bulbar
presymptomatic (BPS) and 34 patients with ALS
were considered as bulbar symptomatic (BS) based
on a measure of speaking rate. Findings revealed that
the velopharyngeal dysfunction was manifested
differently between the ALS-BPS and ALS-BS
groups. In addition, between the two instrumentation
approaches, the aerodynamic technique appeared to
be more suitable due to the confounding effect of
excessive nasal air flow on nasometer output.
Keywords:
Amyotrophic
lateral
velopharyngeal dysfunction, resonance

sclerosis,

1. INTRODUCTION
Amyotrophic lateral sclerosis (ALS) is an adult-onset
fatal neurodegenerative disease characterized by
progressive deterioration of various motor functions
such as ambulation, speech, swallowing, and
respiration. Velopharyngeal dysfunction (VPD) is a
pathophysiologic condition commonly observed in
patients with ALS due to progressive paresis of
velopharynx musculature. VPD, causes resonance
abnormalities e.g., hyponasality, hypernasality, and
mixed nasality. Severe hypernasality can lead to
unintelligible speech [1, 2, 3, 4] due to acoustic
disruptions such as reduced spectral energy [5, 6, 7],
and collapsed vowel space area [8, 9, 10]. In addition,
nasal air emission, a common symptom of VPD, can
impair oral articulation by diminishing the build-up
of oral air pressure, which is required to produce stops
and fricatives. Nasal air emission also can alter
speech respiratory function requiring more frequent
inspirations to ensure an adequate air supply to
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support voice and speech. Increased number and
duration of pauses are well-established features of
abnormal speech in persons with ALS [11, 12].
Despite the impact of VPD on different speech
subsystems, clinical evaluation currently relies
almost exclusively on subjective ratings of abnormal
resonance features, which are unlikely to be sensitive
to early changes and are vulnerable to listener bias
[13, 14]. Instrumentation approaches for objectively
assessing VPD have been developed but not widely
tested on clinical populations with dysarthria due to
ALS. The two most widely used approaches, acoustic
nasometry and oral-nasal aerodynamics, are most
commonly used to quantify VP function in
populations with anatomical abnormalities such as
children with cleft lip and palate. Nasometer
measures the ratio of the amplitude of the acoustic
energy obtained from the nose to that of the mouth;
whereas, the aerodynamic assessment provides
information about the magnitude of oral pressure or
nasal flow.
Various studies have suggested significant
correlation between perceived nasality and nasalance
score in clinical populations without ALS [15, 16,
17]. Other studies have, however, reported the
potential confound of nasal air emission on nasalence
scores [18, 19]. For example, in a study conducted by
Dalston et al. [18] the sensitivity of nasometry for
correctly identifying hyponasality increased from
0.48 to 1.0 upon the removal of data from participants
with nasal air emission. Given that participants with
ALS have been observed to produce stop plosives
(i.e., /p/) with various degrees of nasal air emission
[2, 20], we hypothesize that an aerodynamic approach
will provide a more accurate assessment of VPD in
this population than a nasometric approach.
This study reports on VPD in person with ALS
using both nasometric and aerodynamic approaches.
Our goals are to understand how ALS affects VP
function and to compare the diagnostic efficacy of
two commonly used approaches of measuring VPD.
Because patients with ALS vary with regard to the
site of symptom onset and the course of progression,
the long-term goal of this research is to improve (1)
the early detection of VPD in persons with ALS, (2)
the monitoring of disease spread and progression, and
(3) the understanding of VPD on speech loss.

English with no history of speech-language
impairments. Participants with ALS had no history of
other cognitive and/or neurological disorders.

2. Methods
2.1. Participants
Eighty-two patients with ALS and 20 normal controls
(NCs) participated in this study. The participants with
ALS varied in both the total score and bulbar subscore
of the ALS Functional Rating Scale-Revised
(ALSFRS-R) [21]. The ALSFRS-R consists of 12
survey questions to assess the degree of functional
impairment with the score of each question ranging
from 4 (least impaired) to 0 (most impaired). The
ALSFRS-R scores ranged from 21 to 46 (M = 37.25,
SD = 5.83). The bulbar subscore, based on the first
three questions of the scale, assessed the bulbar
function with a maximum score of 12 ranged between
5 and 12 (M = 10.05, SD = 2.08). Patients with ALS
were stratified into two groups: (1) bulbar
presymptomatic (ALS-BPS), and (2) bulbar
symptomatic (ALS-BS) based on the cut-off speaking
rate of 150 words per minute (w/m) following Rong
et al. [22]. Speaking rate was used as a criterion to
stratify patients with ALS because previous research
demonstrated that the decline of speaking rate
precedes intelligibility and occurs at a faster rate than
intelligibility during the early stage of ALS [20, 23].
Forty-eight patients with ALS exhibited speaking rate
above 150 (w/m) and were classified as ALS-BPS;
whereas, 34 patients showed speaking rate below
(150) w/m and were classified as ALS-BS.
Table 1: Demographic and medical information of
participants

Sex
Age (yr)
ALSFRS-R
Total
ALSFRS-R
Bulbar
Site of onset

NC
(N= 20)
9M
11 F
M= 62
SD= 8.36
N/A
N/A
N/A

Disease
Duration (mth)
Speaking rate
(w/m)
Intelligibility

N/A
M= 181
SD= 28.22
M= 99
SD= 1.17

ALS-BPS
(N= 48)
29 M
19 F
M= 61
SD= 9.74
M= 36.91
SD= 6.18
M= 10.76
SD= 1.69
2 bulbar
41 spinal
5 unknown
M= 9
SD= 7
M= 186
SD= 21.65
M= 98
SD= 2.76

ALS-BS
(N= 34)
16 M
18 F
M= 66
SD= 10.52
M= 37.64
SD= 5.47
M= 9.18
SD= 2.21
11 bulbar
20 spinal
3 unknown
M= 18
SD= 33
M= 109
SD= 27.70
M= 89
SD= 15.84

All participants of this study were a subset of
participants recruited for a larger multi-site
longitudinal study to investigate speech deterioration
in ALS. All participants were native speakers of
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2.2. Data Collection
2.2.1. Speech Performance

Speaking rate and intelligibility of each participant
were measured following procedures described in the
Sentence Intelligibility Test (SIT) manual [24].
Speaking rate was calculated as the number of words
produced per minute from the SIT stimuli.
2.2.2. Assessment of velopharyngeal function

VP function was assessed using both aerodynamic
and nasometer techniques. Simultaneous recording of
intra-oral air pressure and nasal air flow was acquired
using the Phonatory Aerodynamic System (PAS)
(Model 6600, PENTAX Medical). During the
aerodynamic evaluation of the VP status, participants
were asked to produce /pi/ and /mi/ syllables seven
times. To detect the intra-oral air pressure, a
polyethylene oral catheter was placed in the
participant’s mouth and the end of the catheter was
connected to a calibrated pressure transducer. Nasal
air flow was detected using a nasal mask snugly fitted
around the participant’s nose and was connected to a
heated pneumotachograph, the end of which was
ported to a calibrated airflow transducer. In addition,
participants were asked to repeat the word “hamper”
five times at their normal speaking rate and loudness.
Because the word “hamper” consists of the /m-p/
sequence, the interval from peak nasal flow of /m/ to
peak oral pressure of /p/ represents the adequacy of
VP function and velum control. The PAS software
was used to measure the aerodynamic indices of (1)
the peak oral pressure, and associated nasal airflow,
of /p/ in the syllable /pi/; (2) the peak nasal flow and
associated oral pressure of /m/ in the syllable /mi/; as
well as (3) the time lag from the peak nasal flow to
peak oral pressure of /m-p/ sequence in the word
“hamper.” All measures were then averaged across
several repetitions for each participant.
In addition to aerodynamic measures, participants
were asked to read two sentences “buy Bobby a
puppy” (BBP) – loaded with oral vowels and oral
stop consonants – and “momma made lemon jam”
(MMJ) – loaded with nasal consonants – three times
each while maintaining a normal, self-determined
speaking rate and loudness. A nasometer (Model
6400, PENTAX Medical) was used to measure the
mean nasalance score (i.e., the ratio of the nasal
energy to the sum of nasal and oral acoustic energy)
of each sentence. Mean nasalance scores were
subsequently averaged across the three repetitions
for each participant. Kruskal-Wallis tests with

Figure 2: Mean peak NF (l/sec) of /m/ sound in NC,
ALS-BPS, and ALS-BS groups.

Mann-Whitney U tests as post hoc comparisons
were used to determine group differences in
variables under investigation.
3. RESULTS
Among the seven variables (5 aerodynamic indices
and 2 nasometric measures), peak oral pressure for
/p/, oral pressure on peak nasal flow for /m/, and the
interval from the peak nasal flow of /m/ to peak oral
pressure of /p/ in “hamper” did not show statistically
significant group differences. Descriptive statistics of
these variables are summarized in Table 2.
Table 2: Means and standard deviations (in
parentheses) of peak oral pressure (Po) of /p/ in the
syllable /pi/, Po at peak nasal flow (NF/) of /m/ in
the syllable /mi/, and the time interval from the peak
NF of /m/ to peak Po of /p/ in “hamper”.

Peak Po of /p/
(cm H2O)
Po at peak NF of
/m/ (cm H2O)
NF-Po in hamper
(ms)

NC
6.54
(2.38)
0.96
(0.66)
70.27
(62.20)

ALS-BPS
6.73
(1.97)
0.96
(0.65)
66.58
(46.99)

Figure 3: Mean nasalance score for the sentence
BBP in NC, ALS-BPS, and ALS-BS groups.

ALS-BS
6.22
(2.60)
0.92
(0.74)
82.03
(49.46)

In contrast, group differences were observed for
mean nasal flow at peak oral pressure of the /p/ sound,
mean peak nasal flow of the /m/ sound, and mean
nasalance scores for BBP and MMJ sentences (as
represented in Figures 1 to 4, respectively).
Participants with ALS-BS showed significantly
larger nasal flow for /p/ and larger mean nasalance
score for BBP compared to both NC and ALS-BPS
groups (p<0.05). Although the ALS-BS group
exhibited a larger mean nasalance score for the
sentence MMJ compared to participants in the ALSBPS group, they were observed to produce /m/ with
significantly reduced nasal flow (p<0.05).
Figure 1: Mean NF at peak oral pressure (l/sec) of
/p/ sound in NC, ALS-BPS, and ALS-BS groups.

2998

Figure 4: Mean nasalance score for the sentence
MMJ in NC, ALS-BPS, and ALS-BP groups.

4. DISCUSSION
During the production of high-pressure sounds (i.e.,
stops, fricatives, and affricates), the VP port is tightly
sealed to allow for the build-up of intraoral air
pressure and to prevent nasal air emission. In the
presence of VPD, however, the coupling of oral and
nasal cavities can result in increased resonance
disturbances.
Our findings on persons with ALS are consistent
with the presence of “mixed nasality” with
hypernasality during vowels and voiced consonants
and hyponasality for nasal sounds. Specifically, in
comparison to the ALS-BPS group, the ALS-BS
group produced the /p/ with relatively increased nasal
flow and the /m/ with reduced nasal flow. These
paradoxical findings of too-much and too-little nasal
flow might be explained by the effects of spasticity
on velar function. A diagnosis of ALS requires the
presence of both spastic and flaccid symptoms.
Weakness of the VP muscles due to flaccidity would
be expected to result in increased nasal flow for all
speech contexts; whereas abnormal nasal emission
due spasticity might be expected to be more variable
and context dependent.
Despite having excessive nasal emission during
production of /p/, peak oral pressure was surprisingly
unaffected in the ALS-BS group. This finding was
unexpected because (1) we anticipated that peak oral
pressures would be reduced due to nasal air escape
and (2) we expect persons with speech involvement
to have reduced respiratory drive. The observation of
normal oral pressures in patients with bulbar motor
weakness, however, raises the possibility that despite
the weakness, affected patients compensate for nasal
air escape, perhaps by overdriving their respiratory
system. Possible strategies include initiating /pi/
syllables at higher lung volumes or using increased
expiratory muscle effort to maintain adequate oral
pressure.
Nasometer findings, however, were not as
responsive as the aerodynamic measure of nasal flow
in identifying bulbar motor involvement. Although
nasometer findings for the BBP sentence are
consistent with nasal flow data for /p/ sound in both
ALS-BP and ALS-BPS groups, the mean nasalance
scores for the MMJ sentence do not support the
corresponding aerodynamic data (i.e., the peak nasal
flow for /m/) in both ALS-BS and ALS-BPS groups.
This inconsistency can be attributed to the fact that
the energy of nasal emission may fall outside the
range of the bandpass filtering defined for the
nasometer (center at 500 Hz; -3dB bandwidth of 300
Hz). Therefore, the nasometer may fail to adequately
capture VP status when the input nasal signal contains
excessive nasal air emission. In support of this
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explanation, in a study conducted by [18], the
sensitivity of nasometry in correctly identifying
hyponasality tremendously increased upon the
removal of patients with nasal air emission.
These findings suggest that aerodynamic measures
should be included in both research and clinical
assessment protocols for a comprehensive evaluation
of VP function and resonance profile of individuals
with ALS, specifically those at an early stage of the
disease progression.
5. CONCLUSION
Findings of this study improved our understanding
about the speech aerodynamic system as well as the
resonance profile in persons with bulbar motor
involvement due to ALS. While aerodynamic indices,
more specifically measures of nasal flow, were able
to demonstrate subtle differences between ALS
subgroups, nasometer findings failed to show such
distinctions. Nasometric measures alone should not
be used to make specific judgement about the status
of VP mechanism in patients with ALS.
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ABSTRACT

practical reasons. Within psychiatry, researchers
are moving away from diagnosis towards a transdiagnostic focus on both self-reported and objectively measurable symptoms of mental health [7].
Presence and severity of symptoms are also closely
linked to quality of life [15, 9], because symptom
patterns determine whether somebody with impaired
mental wellbeing will actually be impaired in their
functioning, as well. Finally, a symptom-based approach allows us to acknowledge the complex comorbidity patterns within mental health.
While the data used in our paper are a subset of
the data from Cohen et al. [3] (used with permission), our work differs from the earlier paper in two
key aspects: We used a standard acoustic feature set,
GeMAPS [8] as the basis for deriving our principal
component, and we do not use voice features to predict symptom scores; instead, we are interested in
overall patterns of correlations.
The paper is structured as follows. In Section 2,
we introduce the symptoms measure used in this
study, the Brief Symptom Inventory (BSI; [6]). We
then describe the data set and the statistical analysis
method, while Section 3 summarises the distinctive
correlation patterns we found for each of the nine
BSI dimensions, and discusses them in the context
of what is known about prosody and mental health.
We conclude in Section 4 by arguing that speech corpora for the investigation of mental health and wellbeing should complement condition-specific questionnaires with more detailed assessments of mood
and overall symptoms of potential psychopathology.

People’s lived experience of mental illness often includes symptoms associated with several different
conditions. The Brief Symptom Inventory (BSI) is
a well validated tool for collecting symptom selfreports that covers nine dimensions: depression,
anxiety, phobia, paranoia, psychosis, OCD, hostility, somatisation, and interpersonal. In this paper,
we investigate to what extent these dimensions are
reflected in prosody. Prosody was characterised
using five core principal components (PC) derived
from GeMAPS analysis of a data set from 8 studies (14907 sound files, 990 participants). We used
the data from a subset of 317 participants (5967
sound files, 4 studies) who had completed the BSI.
Each BSI dimension shows a distinct pattern of
correlations between the number of symptoms reported and our five PCs, but these patterns differ
when comparing undergraduates (more Caucasians,
more females) and a patient sample (more AfricanAmericans, more males). We conclude that speech
corpora for mental health studies need better demographic balance.
Keywords: prosody; GeMAPS; mental health.
1. INTRODUCTION
Just as emotions are reflected in speech [17], so are
mental health conditions like depression, anxiety,
or schizophrenia [12, 2, 4]. There is a rich literature that focuses on leveraging speech, in particular prosodic features, to detect the presence and/or
severity of specific mental health conditions, such
as depression [4].
In this paper, we examine the extent to which
prosodic features co-vary with sets of symptoms that
characterise the complex lived experience of mental
wellbeing, going beyond the focus on a few specific
diagnostic categories. In particular, we investigate
whether well-defined sets of symptoms, such as hostility, interpersonal difficulties, somatisation, or anxiety, show different patterns in the way they correlate
with prosodic features.
Symptoms are of interest for both theoretical and

2. METHOD
2.1. Data

The full data set was taken from 8 studies involving people with and without a history of mental
health problems. Participants were asked to produce
speech in one of three different free speech tasks.
These involved discussing
• daily routines, hobbies and/or living situations
• experiences and reactions to positive, neutral,
or negative images from the International Af-
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Table 1: Demographics for Participants with and without BSI information (BSI/No BSI) and with and without a
history of mental health problems (Diag./No Diag.).

N
Age (M(SD))
Gender
Female
Male
Not Spec.
Ethnicity
Afr.-Am.
Asian-Am.
Caucasian
Other/Not Spec.

No Diag.
267 (85%)
20 (3)

BSI
Diag.
47 (15%)
43 (10)

All
314
24 (10)

No Diag.
582 (86%)
21 (5)

No BSI
Diag.
94 (14%)
41 (12)

All
676
23 (9)

169 (90%)
97 (78%)
1 (50%)

18 (10%)
28 (22%)
1 (50%)

187
125
2

351 (90%)
143 (72%)
88 (100%)

38 (10%)
56 (28%)
0

389
187
88

30 (59%)
4 (100%)
221 (90%)
12 (92%)

21 (41%)
0 (0%)
25 (10%)
1 (8%)

51
4
246
13

57 (56%)
14 (93%)
398 (90%)
113 (97%)

45 (44%)
1 (7%)
44 (10%)
4 (4%)

102
15
442
117

fective Picture System (IAPS; [11] (e.g., door,
lamp)
• autobiographical memories that were neutral in
tone; e.g., life events or changes that were not
inherently pleasant or unpleasant.
Instructions and stimulus presentation (e.g., IAPS
slides) were automated and participants were encouraged to speak for the duration of the recording.
The length of sound files varied between 20 and 90
seconds. The present data set is a subset of a larger
corpus, discussed in [3], and used with permission.

versity, some of whom (part of HR08) had been selected for high schizotypy. We have BSI scores from
314 (31.7%) of these participants, covering studies
HR08, HR09, HR11, and PT08.
Table 1 shows that the demographics of the
groups with and without BSI information are very
similar. However, we do not have any gender information for 7% of all participants with no BSI data.
The group of participants for whom we have diagnostic information is mostly middle-aged, compared
to the student group, and also consists of more men
than women (60% male in both BSI and non-BSI
groups, versus 36% male in the group with BSI and
29% in the group without diagnostic information),
and more African Americans (11% in the baseline
group versus 45% in the group with diagnostic information). While the number of patients in our sample, 47, may seem small, it is acceptable for a psychiatric study, and the pattern of comorbidities seen
reflects real clinical practice.
All but 1 of the 47 participants with diagnostic
information in the BSI group had been diagnosed
with a mental illness previously. 9 (20%) only have
one diagnosis, while the remaining 37 have a history of two or more diagnoses, including depression,
schizophrenia, and psychosis.

2.1.1. Mental Health Symptoms
In four of the original studies, symptoms were measured using the Brief Symptom Inventory (BSI; [6]),
which assesses a broad range of psychopathology
and asks participants to focus on symptoms that they
experienced during the past week. The BSI has 53
items and was derived from a larger 90 item scale [5]
which has a nine-factor structure based on the diagnoses with which the symptoms that load on a factor
are typically associated: depression, anxiety, hostility, somatization, obsessions/compulsions, interpersonal sensitivity, phobias, paranoia and psychosis.
2.1.2. Participants

2.1.3. Prosodic Features
The data set consists of 14907 sound files from
990 participants, recruited for eight studies (AD07,
AD09, HR08, HR09, HR10, HR11, PT08, and
PT10). Participants in two studies were patients
with severe mental illness (PT08, PI10) and community controls (PT10); participants in the remaining six studies were undergraduates from a US uni-

We used the extended Geneva Minimalistic Acoustic Parameter Set (GeMAPS, [8]). GeMAPS is a
standard feature set for detecting emotion and paralinguistic phenomena that was designed to be minimalistic. Its 88 features primarily comprise acoustic low-level descriptors and cover spectral, cepstral,
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marberg Index, which are related to voice quality.
Variables describing the distribution of local jitter
and shimmer load on the Jitter/Shimmer factor (JitShim) (proportion: 0.11), while the Vocal Tract factor consists mainly of data on the mean and standard
deviation of F2 and F3 (proportion: 0.07).

prosodic and voice quality information. Computation does not require transcription of stimuli and is
implemented through an open source tool kit, maximising replicability.
For each GeMAPS variable, all values that were
an order of magnitude higher than the 95th percentile, or an order of magnitude lower than the 5th
percentile, were labelled as outliers, and treated as
missing data by converting them to NA.

2.3. Statistical Analysis

To establish robust correlations between BSI symptom scores and principal components, estimates and
99% confidence intervals for each estimate were
computed using bootstrapping as implemented by
the R function spearman.cor.multcomp [10] to
correct for the effect of multiple comparisons.

2.2. Principal Components Analysis

Since many of the 88 GeMAPS features co-vary,
we used exploratory Principal Component Analysis. The Promax rotation was used to account for
the inevitable co-variation in prosodic measures.
Each data point corresponded to a single sound file,
thus, some of the principal components may contain
speaker specific information.
The input for PCA were pairwise complete
Spearman correlation coefficients between all 88
GeMAPS features, with outliers removed (c.f. Section 2.1.3. Spearman was used due to the nonnormality of many GeMAPS features. The resulting
correlation matrix was smoothed using the R function cor.smooth [16]
In order to examine the stability of the principal
component solution, we performed PCA for three
prespecified subsets: data from patients and community controls only (n = 2854 sound files), data
from undergraduates, excluding HR08 (n = 8645),
and data from the 20-second IAPS picture description task only (n = 12117).
The non-graphical Cattels’ scree test, as implemented in [14], suggests that the optimal solution
for each data set consists of 10–15 principal components. When examining the overlap between the
GeMAPS variables loading highly on the main principal components of each data set, it appears that the
first five principal components, which explain 59%
of the observed variation in the full data set. In the
rest of this paper, we will therefore use these components, which are summarised in Table ?? together
with the three highest loading GeMAPS variables on
each factor.
The Loudness/Rate factor (Loud/Rate, proportion: 0.17) comprises information about the distribution of loudness and formant amplitude (loudness), and voiced / unvoiced segment length statistics (rate). The variables that load on Loudness/Variation (Loud/Var, proportion: 0.14) describe
the distribution of loudness, spectral flux, and loudness slope. The factor Spectrum/VQ (proportion:
0.11) includes cepstral coefficient distribution data
as well as variation in the alpha ratio and the Ham-

3. RESULTS
Table 2 summarises the findings for the full data
set, while Table 3 focuses on those participants for
whom we have diagnostic information. In both
groups, each set of symptoms has a distinctive pattern of correlations, and many overlap in the way
they express themselves in speech. For example,
symptoms of OCD, Depression, and Paranoia all result in decreased jitter/shimmer.
In the main group, which is dominated by female Caucasian undergraduates, the direction of
trends is as expected from the literature. Depressive symptoms, for example, are characterised
by slower speaking rate, and less jitter/shimmer,
while symptoms of anxiety correlate with higher
jitter/shimmer. However, significant correlations
(level: p < 0.01, corrected for multiple comparisons) tend to be small, even though this group of
participants was not screened for mental health.
In our patient group, which shows the comorbidities typical of severe mental illness, and is mostly
male and almost half African-American, the loudness/rate variable is no longer significant for depressive symptoms. Instead, we see a strong correlation between variability in loudness and strength of
symptoms. We find the same for anxiety, with an
additional decrease in measures related to the shape
of the spectrum, and increases in F2 and F3 mean
and variability. Overall, correlations in the patient
group are larger, and almost all symptom groups correlate negatively with Spectrum/Voice Quality and
positively with the Vocal Tract factor.
Since the two participant groups differ with respect to age, gender, and ethnicity, we conducted
a post-hoc fully factorial MANOVA with five outcome variables and four predictors to explore the
effect of these differences. The outcome variables were each speaker’s median scores on the five
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Table 2: Correlations between symptoms and factors, entire data set. *: sig. at p < 0.01.

Symptoms
Anxiety
Depression
Hostility
Interpersonal
OCD
Paranoia
Phobia
Psychoticism
Somatisation

Loud/Rate
0.01
-0.06*
-0.03*
-0.04
-0.04
-0.06*
0.00
-0.05*
0.00

Loud/Var
0.03
0.01
-0.05*
-0.02
-0.05*
0.00
0.06
0.02
0.05*

Spectrum/VQ
-0.04*
-0.01
-0.06*
-0.06*
0.03
0.00
0.00
0.02
0.00

Vocal Tract
0.11*
0.03*
0.19*
0.18*
0.09
0.10*
0.09*
0.01
0.21*

JitShim
0.08*
-0.08*
-0.03
0.1
-0.06*
-0.08*
0.01
-0.07*
0.07*

Table 3: Correlations between symptoms and factors, participants with diagnosis information only. *: sig. at
p < 0.01.

Symptoms
Anxiety
Depression
Hostility
Interpersonal
OCD
Paranoia
Phobia
Psychoticism
Somatisation

Loud/Rate
0.07*
-0.05
-0.01
-0.06
0.14*
0.0
0.05
0.04
0.11*

Loud/Var
0.12*
0.15*
0.0
0.15*
0.12
-0.14*
0.18*
0.11*
0.17*

Spectrum/VQ
-0.25*
-0.17*
-0.16*
-0.23*
-0.22*
-0.27*
-0.20*
-0.27*
-0.25*

prosodic factors, and the predictors were age, gender, group (patient versus student), and ethnicity
(caucasian versus non-caucasian) for the 314 participants that contributed BSI values (c.f. Table 1). Four
terms reached significance: age (F=8.1461, p <
0.0001), gender (F=12.1250, p < 0.0001), group
(F=2.8081, p < 0.03) and Caucasian×age×group
(F=2.24696, p < 0.05).
Individual ANOVAs show the expected effects of
age and gender on the five prosodic factors. While
Loud/Rate is not affected significantly by demographics, Spectrum/VT varies by group (F(1=7.373,
p < 0.01), Vocal Tract is by gender (F(1)=131.829,
p < 0.0001), group (F(1)=35.178, p < 0.0001),
and age (F(1)=9.232, p < 0.005). JitShim is affected by gender (F(1)=16.818, p < 0.0005) and
gender×group (F(1)=7.3, p < 0.01).

Vocal Tract
0.27*
0.06
0.36*
0.33*
0.19*
0.40*
0.30*
0.14
0.38*

JitShim
0.03
-0.08*
-0.04
0.07*
-0.15*
-0.14*
0.04
-0.08*
-0.09*

graduate sample, but quite different for the patient
sample. Initial post-hoc analysis indicates that while
age and gender differences did lead to significant
differences in the prosodic factors between undergraduates and participants with a history of mental
illness, a clear group effect remains that cannot be
reduced to demographics. The unit of analysis for
both deriving the initial factors and the correlation
analyses was the individual sound file, which is relevant for brief clinical screening in primary care. Our
results indicate that we may require explicit models
of inter-speaker variation to ensure generalisability
across data sets. In further work, it would also be
useful to study relevant intra-speaker variation, in
particular the difference between neutral speech and
speech about a topic or image designed to elicit emotion. In addition, the BSI could be supplemented
with other measures of symptom burden, personality, quality of life, and current mentla state [1, 13].

4. DISCUSSION AND CONCLUSION
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The correlations observed between prosodic factors,
as derived via PCA, and mental health symptoms, as
measured by the BSI, are as expected for the under-

3004

5. REFERENCES
[13]

[1] Benishek, L. A., Hayes, C. M., Bieschke, K. J.,
Stöffelmayr, B. E. 1998. Exploratory and confirmatory factor analyses of the brief symptom inventory
among substance abusers. Journal of Substance
Abuse 10(2), 103–114.
[2] Cohen, A. S., Alpert, M., Nienow, T. M., Dinzeo,
T. J., Docherty, N. M. Aug. 2008. Computerized
measurement of negative symptoms in schizophrenia. Journal of psychiatric research 42(10), 827–
36. Citation Key: Cohen2008a.
[3] Cohen, A. S., Renshaw, T. L., Mitchell, K. R.,
Kim, Y. June 2016. A psychometric investigation
of “macroscopic” speech measures for clinical and
psychological science. Behavior Research Methods
48(2), 475–486. Publisher: Springer US.
[4] Cummins, N., Scherer, S., Krajewski, J., Schnieder,
S., Epps, J., Quatieri, T. F. Apr. 2015. A review
of depression and suicide risk assessment using
speech analysis. Speech Communication 71, 10–
49. Citation Key: Cummins2015.
[5] Derogatis, L. R. 1992. Scl-90-r: Administration,
scoring & procedures manual-ii for the (revised)
version and other instruments of the psychopathology rating scale series. Clinical Psychometric Research. 1–16.
[6] Derogatis, L. R., Melisaratos, N. Aug. 1983. The
Brief Symptom Inventory: an introductory report.
Psychological Medicine 13(3), 595–605.
[7] Elvevåg, B., Cohen, A., Wolters, M., Whalley,
H., Gountouna, V.-E., Kuznetsova, K., Watson, A.,
Nicodemus, K. 2016. An examination of the language construct in NIMH’s research domain criteria: Time for reconceptualization! American Journal of Medical Genetics, Part B: Neuropsychiatric
Genetics 171(6).
[8] Eyben, F., Scherer, K. R., Schuller, B. W., Sundberg, J., Andre, E., Busso, C., Devillers, L. Y.,
Epps, J., Laukka, P., Narayanan, S. S., Truong,
K. P. Apr. 2016. The Geneva Minimalistic Acoustic
Parameter Set (GeMAPS) for Voice Research and
Affective Computing. IEEE Transactions on Affective Computing 7(2), 190–202. Publisher: IEEE.
[9] Gao, K., Su, M., Sweet, J., Calabrese, J. R.
Feb. 2019. Correlation between depression/anxiety
symptom severity and quality of life in patients
with major depressive disorder or bipolar disorder.
Journal of Affective Disorders 244, 9–15.
[10] Herv’e, M. 2018. RVAideMemoire: Testing and
Plotting Procedures for Biostatistics. R package
version 0.9-70.
[11] Lang, P., Bradley, M. M. 2007. The international
affective picture system (iaps) in the study of emotion and attention. Handbook of emotion elicitation
and assessment 29.
[12] Laukka, P., Linnman, C., Åhs, F., Pissiota, A.,
Frans, O., Faria, V., Michelgrard, r., Appel, L.,
Fredrikson, M., Furmark, T. 2008. In a nervous
voice: Acoustic analysis and perception of anxiety
in social phobics’ speech. Journal of Nonverbal

[14]
[15]

[16]

[17]

3005

Behavior 32(4), 195–214. Publisher: Springer Citation Key: laukka2008nva.
Müller, J. M., Postert, C., Beyer, T., Furniss, T.,
Achtergarde, S. Jun 2010. Comparison of eleven
short versions of the symptom checklist 90-revised
(scl-90-r) for use in the assessment of general psychopathology. Journal of Psychopathology and Behavioral Assessment 32(2), 246–254.
Raiche, G. 2010. an R package for parallel analysis and non graphical solutions to the Cattell scree
test. R package version 2.3.3.
Renshaw, T. L., Cohen, A. S. 2014. Life satisfaction as a distinguishing indicator of college student
functioning: Further validation of the two-continua
model of mental health. Social Indicators Research
117(1), 319–334.
Revelle, W. 2018. psych: Procedures for Psychological, Psychometric, and Personality Research.
Northwestern University Evanston, Illinois. R
package version 1.8.10.
Scherer, K. 2003. Vocal communication of emotion: A review of research paradigms. Speech
Communication 40(1–2), 227–256. Citation Key:
scherer:03.

The Representation of Tone Sandhi by Children with Cochlear Implants
Ping Tang12, Nan Xu Rattanasone1, Ivan Yuen1, Liqun Gao3, Katherine Demuth1
1

Department of Linguistics, Faculty of Human Sciences, Macquarie University
2
School of Foreign Studies, Nanjing University of Science and Technology
3
School of Communication Science, Beijing Language and Culture University
ping.tang1@students.mq.edu.au

ABSTRACT
Children with cochlear implants (CIs) face challenges
in acquiring tones, as CIs do not transmit pitch
information effectively. In connected speech, tones
undergo modification, known as tone sandhi
processes. In Mandarin, tone sandhi changes the
realization of tone 3 (T3) across tonal contexts,
resulting in allophonic variants. Previous studies have
shown that normal hearing (NH) 3-year-olds
correctly produced T3 variants in appropriate sandhi
contexts, while children with CIs cannot do so unless
implanted early. However, it was unclear whether
they have the correct representation of T3 variants.
This study examined the T3 representations of 46
children with CIs (implanted from 1 to 5 years) using
a mispronunciation paradigm with novel compounds.
The results showed that all children with CIs face
challenges in recognizing and processing lexical tone
as well as tone sandhi words. The implications for
future studies are discussed.
Keywords: Children with cochlear implants,
Mandarin tones, tone sandhi, speech perception.
1. INTRODUCTION
Cochlear implant (CI) technology has made oral
speech communication possible for children with
hearing impairment, but it is still challenging for them
to learn to tonal languages, since CIs do not transmit
pitch information effectively [15]. Mandarin Chinese
has four lexical tones, primarily contrastive in pitch
contours, i.e., level tone 1 (T1), rising tone 2 (T2),
dipping tone 3 (T3) and falling tone 4 (T4). Lexical
tones are acquired early by children with normal
hearing (NH), i.e., before age 3 [12].
Figure 1: Pitch contours of Mandarin lexical tones.

For children with CIs, acquiring typical lexical
tones is challenging, especially for T2 and T3, but
early implantation usually leads to better outcomes
[3, 4, 7, 11, 13]. For instance, [13] compared the
acoustic features of lexical tone productions for 3-7-

3006

year-old children with CIs and NH 3-year-olds. It was
found that only those implanted before 2 years
produced target-like pitch contours for lexical tones.
The other children produced much flatter and less
distinguishable pitch contours, especially for T2 and
T3, suggesting that early implantation is critical for
the acquisition of typical lexical tones.
In daily conversation, however, people use
connected speech, where lexical tones undergo tonal
changes known as tone sandhi processes [3]. The
most well-studied tone sandhi process in Mandarin
Chinese is T3 sandhi (hereafter “tone sandhi”).
Depending on the following lexical tones, tone sandhi
processes modify the surface realization of T3
syllables, generating two allophonic variants [3]. In a
T3+T3 sequence, where full sandhi occurs, the initial
T3 is realized as the rising tone similar to T2 (referred
to as *T2 to differentiate it from the underlying
lexical T2): T3+T3 → *T2+T3. In a T3+T1/T2/T4
sequence, where half sandhi occurs, T3 is realized
with a low-falling contour (referred to as half-T3):
T3+T1/2/4→half-T3+T1/2/4.
It has been shown that Mandarin-speaking NH
children have mastered the tone sandhi process before
age 3 [12]. Using a novel word formation task, [12]
examined NH 3-5-year-olds’ productions of novel
tone sandhi compounds, e.g., “ma3 gu3” horse-drum.
The results showed that all child groups correctly
produced both allophonic variants of T3 in
appropriate sandhi contexts, i.e., *T2 before T3 and
half-T3 before T1/2/4, suggesting that 3-year-olds
have already developed a good understanding of the
allophonic variants of T3 and can use them
productively in tone sandhi processes.
For children with CIs, correctly producing the
allophonic variants of T3 in appropriate sandhi
contexts is challenging; they generally produced
invariant T3 with level pitch contours across contexts
[13]. However, it was unclear whether they represent
both allophonic variants of T3 in their mental lexicon.
Moreover, it has been found that children implanted
before age 2 were able to correctly produce both
variants of T3 in appropriate contexts [13]. This raises
the question of whether T3 is represented differently
for children with different implantation ages. To
further explore these issues, it is therefore necessary
to extend the investigation of the acquisition of tone
sandhi from speech production to speech perception,

examining the representation of allophonic variants
of T3 in children with CIs.
A recent study tested the representation of
allophonic variants of T3 resulting from tone sandhi
in NH 3-5-year-olds [14], using intermodal
preferential looking (IPL) task [6]. In [14], NH 3-5year-olds were presented with a pair of pictures,
illustrating a sandhi object (novel T3T3 compound),
i.e., “ma3 gu3” horse-drum, and a novel distractor.
An audio stimulus was played with either *T2T3
target sandhi tones, or half-T3T3 mispronunciations.
The results showed that NH children, as well as adult
controls, accepted both pronunciations as possible
surface realizations for underlying T3T3 items,
indicating that both T3 variants were accessed in
recognizing T3 syllables in novel tone sandhi
compounds. Thus, both variants (*T2 and half-T3)
are represented in NH 3-5-year-olds’ mental lexicon,
together under the same abstract T3 category. This
raises the question of whether children with CIs
represent allophonic variants of T3 in the same way.
The aim of the present study was therefore to
examine the perceptual representation of the
allophonic variants of T3 resulting from tone sandhi
processes in children with CIs. Using a procedure
similar to that used in [14], we asked if children with
CIs would accept both half-T3T3 ‘mispronunciation’
and target *T2T3 forms for novel T3T3 compounds,
as NH children did. Based on previous findings that
early implanted children used both variants of T3 in
production [13], we predicted that they might also
accept both pronunciation variants in perception,
while those with later implantation will only accept
*T2T3. Moreover, we also included T2T1 non-sandhi
(no sandhi processes involved) control items, with
half-T3T1 mispronunciations. We expected that NH
and CI children would reject these non-sandhi halfT3T1 mispronunciations.
Given previous findings that children with CIs
have problems in acquiring T2 and T3 [11], it is also
possible that they might not detect the acoustic
changes between correct pronunciations and
mispronunciations. Therefore, we also included nonsandhi T2T1 compounds as control items (with halfT3T1 mispronunciations), where the target and
mispronounced syllable 1 was acoustically identical
to the sandhi items, but where no sandhi process was
involved. We predicted that children implanted later
would show difficulties in detecting the tonal changes
mispronunciations in the control condition.
2. METHODS
2.1. Participant

Forty six 3-7-year-old (mean age: 4;11; SD: 10.4
months) Mandarin-speaking children who are
prelingually deaf were recruited from rehabilitation
centres/regular preschools in Beijing, China. Thirty3007

two 3-year-old NH controls (NH=3) were included as
controls, because they have already acquired tone
sandhi [12-13]. Based on the age at implantation of
children with CIs, they were grouped into four
groups: 1-2 years (CI_Imp 1-2: 5 children); 2-3 years
(CI_Imp 2-3: 20 children); 3-4 years (CI_Imp 3-4: 14
children); and 4-5 years (CI_Imp 4-5: 7 children). The
study was conducted in accordance with the ethics
protocol approved by Macquarie University’s Human
Ethics Panel.
2.2. Stimuli

Two types of disyllabic “animal + object” novel
compounds were used as stimuli, including eight nonsandhi T2T1 control items, e.g., “niu2 deng1” cowbulb, and eight tone sandhi (underlying T3T3) target
items, e.g., “ma3 gu3” horse-drum, with the surface
realization *T2T3. Tonal mispronunciations were
obtained by changing the target syllable (underlying
T2 and surface *T2) to half-T3 using the same
method as that used in [14], resulting in eight nonsandhi and eight sandhi mispronunciations (Table 1).
Table 1: Novel compound tonal stimuli.

Target surface
tones
Mispronounced
surface tones

Non-sandhi
(underlying
T2T1)

Sandhi
(underlying
T3T3)

T2T1

*T2T3

half-T3T1

half-T3T3

2.2.1. Audio stimuli
Speech stimuli were recorded by a female BeijingMandarin speaker. Mispronunciations were made via
replacing the pitch of the target T2/*T2 syllables with
that of half-T3 syllables, using the Praat software [1].
The Syllable 1 non-sandhi control target and
mispronounced tones are acoustically identical to the
target and mispronounced sandhi forms. Thus, any
differences between the two conditions would be due
to phonological, not phonetic, differences.
Figure 2: Pitch contour of stimuli (Tar = Target; Mis =
Mispronunciation).

2.2.2. Visual stimuli

3. RESULTS

Each audio stimulus was matched with a pair of
yoked familiar vs. novel pictures. For instance, the
familiar picture for “ma3 gu3” horse-drum illustrates
a drum with a horse on it, was yoked to a novel picture
illustrating a drum with a novel animal on it.
2.2.3. Apparatus
Audio stimuli were played via speakers/headphones
at 70 dB SPL. The SMI Red-250 portable eye-tracker
was used to record participants’ visual fixations with
a 9-point calibration procedure prior to testing.
2.2.4. Procedure
All participants were tested in quiet rooms. Prior to
testing, a picture naming task had been conducted to
ensure that all participants knew the underlying tone
of each word used to form the novel compounds in
the perception experiment (cf. [12]).
The procedure of the perception experiment was
identical as that used in [14], i.e., three practice trials
followed by 19 test trials. Within the 19 test trials,
there were three word-mispronunciation trials (where
Syllable 1 was replaced with a syllable that differed
from the target in both segments and tone), used as a
screener to exclude any participant who did not
understand the task (see the exclusion section below).

Figure 4 illustrates the naming effect of looks to the
familiar picture across conditions. A series of onesample t-tests (with Bonferroni adjustment) were
computed to compare the naming effects to baseline
(naming effect = 0). The results showed that the
NH=3 looked to target pictures in three conditions:
non-sandhi,
sandhi
correct
and
sandhi
mispronunciations (Figure 4). However, children
with CIs generally did not look to either familiar or
novel picture upon hearing the audio stimuli, except
for the CI_Imp 2-3 and CI_Imp 3-4 groups in the nonsandhi conditions. This result suggests that NH
children accepted non-sandhi and sandhi correct
pronunciations and sandhi mispronunciations, but
most CI groups (even the few with early implantation)
did not associate the audio stimuli with the visual
objects. This indicates that children with CIs could
not identify correct productions of the lexical tone
and tone sandhi words.
Figure 4: Naming effects across groups and conditions
(Tar = Target; Mis = Mispronunciation; n = Number of
participants).

Figure 3: Sequence of events in each trial.

2.3. Data analysis

For each trial, the naming effect of looks to the
familiar picture was measured, calculated as the
difference of looks to the familiar target between preand post-naming phases. A total of 1248 trials were
obtained. Participants were then screened using the
three word-mispronunciation trials, for which we
expected negative naming effects in at least two trials.
Six children with CIs were excluded from further
analysis for not reaching this criterion. In addition, 87
trials with greater than 50% track-loss were then also
excluded, resulting in a total of 40 children with CIs
(553 trials) and 32 NH 3-year-olds (512 trials)
included in the final analysis.
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A linear-mixed effects model was performed to
compare the naming effect between the correct and
mispronunciation trials across conditions and groups,
with three fixed factors “Groups” (NH=3, CI_Imp 12, CI_Imp 2-3, CI_Imp 3-4 and CI_Imp 4-5),
“Condition” (Non-Sandhi and Sandhi) and
“Pronunciation” (Target and Mispronunciation), and
a random intercept “Participant”. The results

produced a significant interaction of “Group ×
Condition × Pronunciation” (F (4, 538) = 2.48, p <
0.05. The results of the post-hoc test showed that, in
the non-sandhi control condition, relative to the
target pronunciation, NH 3-year-olds looked
significantly less to the target picture when hearing
the mispronunciations (β = 0.15, SE = 0.07,
t(536)=1.97, p<0.05). However, CI groups did not
show any difference of looking between target
pronunciation and mispronunciation trials. This
indicates that children with CIs, including those with
early implantation, did not detect the tonal changes
between correct and mispronunciations even in the
control condition.
4. DISCUSSION
The present study examined the representation of
allophonic variants of T3 in children with CIs using
the IPL paradigm. The results showed that NH
children accepted both *T2T3 target pronunciations
and half-T3T3 mispronunciations for underlying
T3T3 compounds, indicating that they had accessed
both *T2 and half-T3 in processing novel T3 words
in the tone sandhi context, and have the representation
of both T3 variants in their mental lexicon. However,
the result of children with CIs differed from that of
NH children in two aspects. First, most CI groups,
including those with early implantation (before age
2), were not able to associate the audio stimuli with
the visual objects; they did not show any preference
to either the familiar or novel picture upon hearing the
audio stimuli. Second, detecting the T2/*T2 and halfT3 mispronunciation is challenging; none of the CI
groups showed a looking difference between the
target and mispronunciation trials. Thus, it remains
unclear when and how allophonic variants of T3 are
lexically represented in children with CIs.
The poor performance of associating the audio
stimuli to the target picture by children with CIs
might be related to the task used in this study, i.e.,
novel word recognition. It has been well-documented
that children with CIs exhibit difficulties in learning
new words, performing poorly in building wordobject associations during word learning [5, 8-10].
This is because (a) the auditory information provided
by CIs is impoverished and highly degraded, and (b)
the period of early sensory deprivation prior to
implantation may lead to a delayed and/or disordered
course of language development [5, 8-10]. In the
present study, our task required children to recognize
novel compounds that they have never heard before,
and link these words to novel pictures. This task
might require a high word-learning and phonological
processing ability, which is limited for children with
CIs, resulting in their inability to perform the task.
Another challenge that children with CIs faced in
this experiment was to detect the tonal
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mispronunciation between T2/*T2 and half-T3.
Previous study reported that children with CIs find
differentiating between T2 and T3 challenging [11].
This is because the pitch contours of T2 and T3 are
very similar, and correctly differentiating between
them requires the detection of subtle pitch contour
difference using fine-grained pitch information,
which is severely degraded in CI devices [15]. This
also indicates that these children face challenges in
building robust representations of T2 and T3.
One of the central questions we asked is whether
early implantation would benefit children with CIs,
helping them develop typical phonological
representations of allophonic variants of T3. Thus, we
expected that the early implanted group might
perform like NH children, rejecting the tonal
mispronunciation in the control condition but
accepting it in the sandhi condition. However, the
results did not show this pattern, with no preference
for either the target picture or other picture upon
hearing the audio stimuli. This might be related to the
insufficient number of participants in the early
implantation group, i.e., only five early implanted
children were initially tested and only three included
in the final analysis after exclusion based on
performance of the three word-mispronunciation
trials. Therefore, based on the current study, it is hard
to draw a strong conclusion regarding the effect of
early implantation of the development of T3
representations.
Nonetheless, our study has implications for future
research to further explore this issue. First, given the
insufficient number of participants in the critical early
implantation group, it is necessary in future studies to
test more children with early implantation, i.e.,
implanted before age 2 or even age 1, to gain a deeper
understanding of the effect of early implantation on
the development of tonal representations. Second,
given these children’s poor ability in recognizing and
processing novel compounds, it will be helpful in
future studies to test their performance on
familiar/lexicalized tone sandhi words, i.e., ‘yu3
san3’ umbrella, like what has been done in the study
of [16] on NH children, which might require less
processing effort for children with CIs.
In summary, the current study examined the
phonological representation of allophonic variants of
T3 from tone sandhi in lexical representations of
children with CIs, using the IPL paradigm. The
results showed that these children mapped neither the
correct nor the mispronunciations to either familiar or
novel picture. This indicates that children with CIs
face challenges in recognizing and processing new
words and detecting tonal changes involving T2 and
T3. This suggests that future research could use
familiar words, testing greater numbers of early
implanted children, to further explore this issue.
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ABSTRACT
Achieving true feminine-voice quality requires
manipulation of phonetic features like fundamental
frequency and resonance. This study focuses on
resonatory changes and plots the changing vowel
space for two male-to-female transitioning patients
who received therapy at the university clinic.
Acoustic and articulatory output of 4 English vowels
were recorded using the 3-D electromagnetic
articulograph (EMA). Transgender subjects were
recorded at the beginning, middle, and end of their
treatment period. Acoustic data was analyzed using
PRAAT and articulatory data was analyzed using the
VisArtico software. The acoustic and articulatory
vowel spaces of transgender subjects were further
compared on a continuum with biological female
subjects. Both subjects showed an increase in F2
values when sounding more feminine. Furthermore,
F1 was also increased but mostly for the lower vowels
resulting in larger vowel spaces. Both subjects had
different articulatory strategies which is explained in
the paper.
Keywords: transgender, vowel-space, articulatory
vowel-space, resonance, speech-therapy
1. INTRODUCTION
Transgender (TG) individuals believe that their
biological sex does not match their psychological
gender assigned at birth [5, 9]. Of those who identify
as TG, a percentage will choose to “transition” to the
gender with which they identify. This may include all
or some of the following: dressing as the desired
gender, changing their name, hormone therapy, voice
therapy, or sexual re-assignment surgeries [9]. For a
male-to-female (MTF) TG person, the ability to
successfully adopt female-like communication
behaviors is often desirable [7]. This study follows
two TG persons at three stages within their transition
from male to female.
Research findings focus on the importance of pitch
in gender attribution to a speaker [8]. This is hardly
surprising given that pitch appears to be critical in
gender differentiation in cisgender speakers
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(speakers whose gender identity is defined by their
biological sex) [10]. Therefore, the most common
type of therapeutic intervention with MTF clients
involves changing fundamental frequency [8]. For
biological males to be successfully perceived as
female, studies show fundamental frequency must be
increased to at least 155-165Hz and sometimes must
increase to as much as 180Hz, which falls in the
gender ambiguous fundamental frequency range
[11]. The higher the pitch is increased, the greater is
the chance of being perceived as female [7].
Altering fundamental frequency alone is not
sufficient in achieving the true perception of a
female voice [3, 4, 5, 7, 8]. In a study analysing
synthetic speech, after appropriately adjusting
fundamental frequency and formants, Klatt and Klatt
reported preliminary findings that women’s voices
tended to be slightly breathier than those of men
indicating changes in acoustic measures and
perception [10]. Mount and Salmon in their case
study reported that their client was never perceived
as a female while speaking on the phone with a
habitual pitch of 210 Hz. In this case, female
perception occurred only when the subject spoke
using F2 values closer to the female range [12]. This
study highlights the effect of vocal tract size and
resonance on the perception of gender. Resonance is
described as the modification of the glottal sound
source in the vocal tract [7]. Most women have
shorter vocal tracts than men, resulting in
differences in formant frequencies in which
women’s voices are approximately 20% higher than
those of males [4, 10]. The shape and length of the
vocal tract may be altered by rounding or retracting
the lips and/or changing the place where the vocal
tract is constricted, which affects the vowel formant
frequency values [2]. Women also tend to speak
towards the front of their vocal cavity, and therefore,
some speech-language pathologists teach the MTF
client to speak with the tongue positioned more
forward in the oral cavity [6].
In this study, we seek to examine the resonatory
changes of the two TG speakers as they progress
through therapy and compare them with agematched female controls.

2. METHODS
2.1. Subjects
Two MTF TG subjects received voice therapy at the
University of Toledo speech-language clinic. The
clients were JJ, age 22 at time of recording, and EE,
age 24 at time of recording. Six female speakers of
American English and of normal hearing from the
Northwest Ohio area aged 18-20 were recorded as
control female speakers. Subjects and control speak
the same dialect of American English (Midwest
Standard). Patients were treated at the clinic at
different times. Both patients were receiving hormone
therapy simultaneously.

corresponding to tongue tip, tongue dorsum and
tongue back. Subjects read the stimuli from a
computer screen that was placed approximately five
feet in front of the subject. The stimuli comprised of
natural English utterances with the target word
occurring once in either the initial, medial or final
position of the utterance. For this study, we focused
on target words that contained four English cardinal
vowels /i ɑ u ᴂ/. Each vowel was produced 15 times
per recording – five times in each of the three
sentence positions. Here is an example of stimuli for
the vowel /i/:
1. They flee past the mob.
2. They caught a big flea.
3. Flee from the mad riots.

2.2. Treatment Paradigm
The two TG speakers had slightly different
approaches to therapy. For JJ, treatment first focused
on increasing fundamental frequency, and upon
achieving female f0 range, it changed to using a
forward articulation to decrease the front resonance
chamber. EE, however, worked simultaneously on
increasing fundamental frequency and forward
resonance. Therapy for both increasing pitch and
changing resonance were first initiated on vowels in
isolation moving through the four extreme vowels in
the American English vowel quadrilateral. On
achieving 90% accuracy at the vowel level therapy
targeted accuracy at the basic syllable level (CV)
working on a small set of voice and voiceless onsets.
Finally, words and phrases containing a
predominance of the same vowels were also
introduced in the practice routine. The clients were
asked to maintain on average the target pitch or F2
value through the entire practice unit while
maintaining natural speech prosody. Normal
intonation declinations were expected while the
habitual target was practiced. Simple instructions like
“lets raise the pitch”, “speak forward”, “articulate in
the front” were used. Auditory and visual feedback
using pitch analysers and PRAAT spectrograms were
used.
2.3. Experimental Paradigm
The Electromagnetic Articulograph (EMA) AG 500
and AG 501 were used to record acoustic and
articulatory data. Reference coils were placed on the
left and right mastoid processes and the upper jaw between the two maxillary central incisors.
Additional coils were placed on the cupids bow of the
upper lip, the center of the vermillion border of the
lower lip, lower jaw - between the two mandibular
central incisors and three points on the tongue
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Each subject was recorded three times over the
duration of treatment: once at the start of treatment,
once about halfway through therapy, and once prior
to discharge from therapy. Acoustic variations for the
transitioning subjects were compared to the average
data recorded from six female controls recorded a
single time.
2.4. Analysis
PRAAT software was used for labeling the acoustic
stimuli and for the subsequent formant analysis [1].
First formant (F1) and second formant (F2) values
were measured at the most stable point in the vowel.
Articulatory and acoustic signals were imported into
Visartico, a visualization software [13]. Articulatory
measurements were made at the point of maximum
deviation for Jaw Z, Tongue Blade, Tongue Tip,
Tongue Dorsum Z (vertical displacement) and
Tongue Blade, Tongue Tip, Tongue Dorsum X
(horizontal displacement) within the PRAAT labelled
vowel unit.
3. RESULTS & DISCUSSION
3.1. Acoustic Analysis
Both subjects were successful in transitioning from
male voice to female voice and were discharged after
a year of therapy. Therefore, it was crucial to
understand how they executed forward resonance in
the acoustic and articulatory domains. Vowel spaces
were plotted for each subject as a scatterplot of mean
F1 and F2 values for the four cardinal vowels. TG
subjects were separately compared at the three
recording stages and then subsequently compared to
the mean F1 and F2 values for all control females. See
Tables 1-3 for a descriptive of formant values for a

numeric comparison. See Figures 1 and 2 for Subject
JJ and EE, respectively.

Table 2: JJ Acoustic Descriptive Means

Figure 1: Female Control vs. JJ Acoustic Vowel
Space at Three Recording Intervals

Recording 1
i
ɑ
u
ᴂ

JJ
Recording 2

Recording 3

F1 (Hz)

F2 (Hz)

F1 (Hz)

F2 (Hz)

F1 (Hz)

F2 (Hz)

365
684
402
690

1935
1090
1313
1451

366
723
394
719

2126
1154
1412
1474

376
877
405
800

2228
1329
1648
1678

Table 3: EE Acoustic Descriptive Means

Recording 1
i
ɑ
u
ᴂ

Figure 2: Female Control vs. EE Acoustic Vowel
Space at Three Recording Intervals

F1 (Hz)

F2 (Hz)

442
797
408
729

2111
1153
1408
1472

EE
Recording 2
F1 (Hz)

360
796
418
790

Recording 3

F2 (Hz)

F1 (Hz)

F2 (Hz)

2134
1225
1437
1560

331
877
400
808

2321
1186
1610
1685

3.2. Articulatory Analysis

Both TG speakers show an increased conformity to
the female control vowel space as the recordings
progressed, with the third recording most resembling
the controls. Figures 1 and 2, show that both subjects
increased F2 values for all vowels as would be
expected if the tongue was positioned forward.
Interestingly, there was also a concomitant increase
in F1 indicating a downward positioning of the
jaw/tongue to match the female control. It is clearly
evident in the acoustic analyses that subjects had a
gradual but accurate transition from male to female
vowels. So, the next question to ask is how did they
do it?
Table 1: Healthy Female Acoustic Descriptive
Means

Healthy Females
i
ɑ
u
ᴂ

F1 (Hz)
423
884
464
868

F2 (Hz)
2343
1321
1656
1651
3013

To understand if both subjects used the same
articulatory strategy to reach the same acoustic
targets, a similar scatter plot was created by plotting
the tongue dorsum vertical position against its
horizontal position. The scope of this paper prevents
us from discussing other crucial articles such as the
jaw and other points on the tongue. Mean Tongue
Dorsum Z and X values were averaged for each TG
subject and plotted on an x-y axis. See Figures 3 and
4 for Subject JJ and EE, respectively. Negative
numbers on the x-axis correspond to tongue
placement posterior into the vocal tract from resting
position. Similarly, negative numbers on the y-axis
correspond to tongue positions inferior in the vocal
tract from the resting position.
Articulatory vowel spaces reveal a completely
different picture from the acoustic vowel spaces.
First, at every recording the subject articulated the
vowels in a different quadrant indicating that there are
different strategies that a person can use to achieve
the same acoustic goal. For this reason, we do not
compare articulatory changes with control females.

Figure 3: JJ Articulatory Vowel Space at Three
Recording Intervals

forward movement of the articulators in Recording 3
well beyond that of Recording 1 & 2.
The similarity between both subjects was the decrease
in jaw or tongue height as treatment progressed. A
higher jaw or tongue position would result in lower
F1 values, but this is not congruent with the higher F1
values in the acoustic domain. In addition, both
subjects showed minor variations in vowel
articulation from recording to recording, in such a
way that front vowels were sometimes articulated
more posteriorly than back vowels as in the case of
the second and Recording 3 of JJ and the high vowel
being articulated lower than /ɑ/ in Recording 2 of EE.
[Note: Variation in articulatory position could be
influenced by variation in coil placement from
Recording to Recording. Since maximum articulatory
values were extracted from the acoustic labelling this
could also have some effect on the articulatory data.]

Figure 4: EE Articulatory Vowel Space at Three
Recording Intervals

4. CONCLUSION

Figure 3 reveals that there is a forward articulation of
the tongue from Recording 1 to Recording 2, but in
Recording 3, the subject has deviated further back
into the vocal tract. There is also a drastic decrease in
tongue height which allows for this posterior
articulation.
JJ was exposed to a treatment paradigm where
fundamental frequency was targeted first, and then
resonance therapy was integrated towards the last six
months of therapy. Therefore, it is surprising to see
that therapy focusing on fundamental frequency
showed more changes on the x-axis. In the third
recording, her tongue positions were consistently
further back in the vocal tract than her previous two
recordings. This was successful in increasing the
acoustic values to conform to the female controls.
Subject EE (see Figure 4) used exactly the opposite
strategy from JJ in that her first and second recordings
continued to employ posterior articulation. Towards
the end of therapy in Recording 3, EE has
dramatically moved forward on the horizontal plane.
In contrast to JJ, EE (Figure 4) was exposed to a
treatment paradigm where fundamental frequency
and resonance were simultaneously targeted. In her
articulatory vowel space progression, we see a clear
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This study, comparing the acoustic and articulatory
vowel spaces, reveals several important features of
phonetics. First, there is less variance in the acoustic
vowel space when compared to the articulatory vowel
space. Here, subjects were trained to change their
speech articulation to impersonate a vowel system of
a relatively shorter vocal tract. Both speakers used
different articulatory strategies to achieve near
similar acoustic targets.
Second, higher tongue placements can produce high
first formant values as was evidenced by both
subjects just before they were discharged from
therapy. This point needs to be further investigated
especially with normal gender and healthy controls.
The treatment strategy of changing resonance along
with fundamental frequency resulted in a perceivably
more feminine voice for both these clients. However,
what we psychologically perceive as more feminine
might be a resonance system that habitually matches
a given fundamental frequency range and that might
be the only purpose for resonance therapy.
Regardless, our next step is to conduct a perception
study to compare the voice at different stages of TG
treatment to understand the categorical boundaries in
TG male to female voice change.
Finally, more experiments need to be conducted but
we are constrained by the number of persons seeking
such treatment at the speech clinic. Similarly,
treatment and analysis needs to be done on female-tomale transitions to completely understand how
articulating at one end of the vocal tract can change
resonance and change the perceived voice of the
speaker.
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ABSTRACT
In this paper, we propose an automatic method of
measuring the intelligibility of head and neck cancer
patients’ speech. In a retrospective chart review,
speech recordings of 137 individuals treated for oral
and oropharyngeal cancer were included. Recordings
before the treatment and at various times after the
treatment were included. Naive listeners typed the
utterances, and the proportion of correctly identified
words was used as the measure for intelligibility.
Three different neural networks were trained and
compared to predict the speech intelligibility using
Mel-frequency cepstral coefficients (MFCCs), Melfrequency filterbanks, and raw audio as input. These
inputs were paired with different network
architectures. The network using MFCCs as input and
bidirectional long short-term memory (BLSTM)
layers provided the best current performance. The
model’s prediction was highly correlated with the
actual intelligibility score, with a linear correlation
coefficient of approximately 0.69. We conclude by
discussing future directions and applications for this
research.
Keywords: speech production; speech intelligibility;
deep neural networks; head and neck cancer
1. INTRODUCTION
For patients who have been treated for oral and
oropharyngeal cancer, a major change occurs in the
speech production system as a result of the treatment
[9]. This change impacts the speech apparatus, and as
a result, the speech intelligibility is impacted [9, 14].
Speech intelligibility is currently one of the metrics
for assessing a patient’s ability to communicate
effectively after treatment [9, 14, 18]. One current
method of assessing speech intelligibility requires a
volunteer to transcribe the patients’ speech and uses
the accuracy of the transcription as the intelligibility
score [19, 24]. In the present paper, we describe an
automatic tool built to evaluate speakers’
intelligibility, which would provide a more time-
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efficient, consistent, and objective evaluation [7, 11,
12].
The present research has two main objectives.
The first objective is to create a system based on
human ratings that is time-efficient and comparable
to human listeners. The second is to explore whether
deep neural networks, trained on a limited dataset, are
able to predict intelligibility scores with little to no
information about the language (top-down
information). In other words, can this system predict
the intelligibility score from human raters using
purely acoustic input and no higher level knowledge
about the language [7, 11, 12]?
2. METHODS
In this section, we describe our data and three
different neural networks, which vary in terms of
input format and, as a result, architecture. These
models were trained and tested to assess their ability
to predict human intelligibility scores.
2.1. Data

To test our hypotheses, we collected data from 137
head and neck cancer patients who had undergone
speech assessment at the Institute for Reconstructive
Sciences in Medicine as part of their treatment
pathway. A waiver of consent was obtained, and the
research procedure was approved by the Health
Research Ethics Board of Alberta Cancer Committee
(HREBA.CC-18-0400). A total of 335 recordings
with intelligibility ratings were obtained from the
hospital database using convenience sampling
(availability of recordings). The sample included 189
recordings of male patients and 146 recordings of
female patients. Of all the recordings, 111 were
obtained before treatment onset. Treatments included
surgery, radiation, chemotherapy, and prosthetic
treatment (e.g., a speech prosthesis that totally
occludes an opening).
During each of the recording sessions,
participants read a list of 50 words and lists of
sentences [19, 24]. Following the recordings, a group

of volunteers orthographically transcribed each of the
recordings, resulting in a transcription of each
recording by one person. From these transcriptions,
an intelligibility score was calculated based on the
accuracy of the transcription. Thus if a volunteer
accurately transcribed 40 out of 50 words correctly
the intelligibility score would be 80%. The word
(sentence) intelligibility scores ranged from 12%
(4%) to 100% (100%) with a median of 94 (99), mean
of 86.3% (94.3%), and standard deviation of 17.9%
(13.1%). Not all the patients were necessarily native
English speakers, although the clinic operates in
English.
We processed 335 recordings, each containing 50
words each. In total, we had 16,376 words resulting
in approximately 2 hours of speech. We chose the
word list recordings as they provided more variability
in the intelligibility scores. Sentence scores had a
larger bias in the higher accuracy range, likely
because transcribers could use sentential context to
reconstruct the sentence. Intelligibility scores were
calculated based on the accuracy of human
transcribers. Each transcriber was required to
transcribe each word in the set of 50 and the
intelligibility score was simply a calculation of the
percent accuracy of the rater correctly recognizing the
50 words.
We identified and separated each word into
individual sound files for the purpose of training and
testing. The intelligibility score for the file containing
each set of 50 words was assigned as the score to
predict for each of the individual words.
2.2. Models

Three different models were created based on the type
of input to be used in each model. The architecture of
each model varied to accommodate and maximize the
accuracy of the network for each type of input.
The first model made use of MFCCs as the input
and a BLSTM architecture. Twelve MFCCs plus the
energy term calculated on 25 ms windows spaced at
10 ms were used, plus delta and delta-delta
coefficients, using the Python Speech Features library
[13]. MFCCs are a classic choice for acoustic speech
signal processing, and have been successfully paired
with deep neural networks in tasks like automatic
speech recognition and phoneme labeling [5].
MFCCs can be considered a summary of important
components of the original signal, and the Mel
filterbanks traditionally used in the calculation were
designed with the intention of mirroring human
hearing.
BLSTM layers are like regular long short-term
memory (LSTM) layers in that they learn temporal
dependencies in the data, but the BLSTM layers learn
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to use both previous and future context, as opposed to
just previous context like LSTM layers. They have
been used successfully in a variety of tasks involving
time-series data, like phoneme labeling [4, 5].
The second model uses 40-filter Mel filterbanks
with the energy term calculated over 25 ms windows
spaced at 10 ms, with delta and delta-delta features,
using the Python Speech Features library [13]. Its
architecture was a combination of convolutional and
BLSTM layers. Previous research has shown that
speech recognition systems pairing Mel filterbanks
with convolutional layers can achieve high
recognition accuracy [16, 26, 27].
The third model uses raw audio as the input, and
a combination of convolutional and LSTM layers.
The raw audio was sampled at 44.1 kHz, and the first
convolutional layer windows the signal based on its
filter size and stride length. There are indications that
networks using raw audio can perform on par with
those using engineered features like MFCCs [14] and
Mel filterbanks [8, 20, 25]. Networks using raw audio
have also found successful results in other tasks, like
phoneme labeling for forced alignment [10], speech
synthesis [23], and large vocabulary continuous
speech recognition [22].
The overall architecture for combining
convolutional layers with recurrent layers is
suggested by Chollet [2], where the massive
parallelizability of convolutional layers can allow
networks to train faster than if they were composed
completely of recurrent layers. In our models, we
expect the convolutional layers to work like filter
banks after training as suggested by Palaz et al. [15].
The BLSTM layers are expected to then model
temporal patterns in the features detected by the
convolutional layers.
2.3. Training the networks

Before the training process began, a hold-out
validation set of 10% of the words were randomly
selected. The networks were trained using
minibatches of 400 words. The order of the words
was shuffled at each epoch. The networks were
trained to minimize the mean squared error between
the output and the target intelligibility score. We
made use of the Adam optimizer, with the amsgrad
improvement [17], but default parameters otherwise.
The training process for each model was stopped after
4000 epochs. This number of epochs was selected as
a compromise between computation-time and model
performance. The training was carried out using
Keras 2.2.2 [3] with TensorFlow 1.9.0 [1] as the
backend using an NVIDIA Titan X Pascal GPU.
The best configuration thus far for the network
that used MFCCs as input consisted of 4 sequential

BLSTM layers with 128 units each, followed by 1
BLSTM layer with 64 units, and ending with a fullyconnected layer with 1 unit with linear activation to
perform the prediction. Each BLSTM layer otherwise
had default values and ReLU activation. The number
of layers and units in each layer were found through
manual search, whereby the hyperparameters were
adjusted incrementally between training sessions
based on previous results.
For the network that used the Mel filterbanks as
input, the best configuration thus far has 1 twodimensional convolution layer with 128 3x3 filters
and a stride length of 1, followed by 6 convolutional
layers with 256 filters of size 2x3 with a stride length
of 1, then 3 BLSTM layers with 128 units each, and
finished by a fully-connected layer with 1 unit with
linear activation to perform the prediction. Each
convolutional layer was set to pad zeros to the input
so that the dimensions were not reduced due to the
filter size. Note that the filters are listed with the size
in the temporal dimension first, and the size in the
frequency dimension second. These parameters are
influenced by the architectures in [27] and [26] and
tweaked using manual search. Each layer otherwise
had default values and ReLU activation.
The best configuration thus far for the network
that used raw audio as input consisted of the whole
audio file as input, with a 1 one-dimensional
convolutional layer with 128 filters of size 1000 and
a stride length of 200 (producing 22.68 ms windows
at 4.54 ms intervals for the convolutions). This was
followed by a one-dimensional convolutional layer
with 128 filters of size 5 and stride length of 1, then 5
one-dimensional convolutional layers with 64 filters
of size 5 and stride length of 1. Then there were 2 onedimensional convolutional layers with 64 filters of
size 3 and stride length of 1, then 2 BLSTM layers
with 128 units, followed by 1 BLSTM layer with 64
units, and ending with a fully-connected layer with 1
unit with linear activation to perform the regression
prediction. Each layer otherwise had default values
and ReLU activation. The number of layers and the
parameters for each layer were found using manual
search, as before.
3. RESULTS
We compared each model to the others by recording
the training and validation loss. The MFCC model
outperformed the other two models in both training
loss and validation loss, showing the highest
prediction accuracy. The training loss for the rawaudio and the Mel filterbank models remained
relatively unchanged even after 4000 epochs of
training. For the raw-audio and fiterbank models, it
seems that we have not yet found the optimal
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architecture for these models with the input provided.
It is also possible that we have not provided them a
sufficient amount of training data.
For the remainder of this paper, we focus on the
MFCC model after 4000 epochs of training. We
performed a 10-fold cross-validation test of the
MFCC model to further validate its effectiveness.
During each fold, 10% of the data set was held out for
testing, and the remaining 90% was used to train the
model from scratch. During this process, the data
were split by participant rather than randomly. There
was no overlap between the folds.
The results of the cross-validation tests are
summarized in Figure 1. In the correlation plot, the
predicted intelligibility scores are plotted on the yaxis and the actual intelligibility scores are plotted on
the x-axis. As is clear from the correlation (0.69),
MFCC model provides a good fit for the data. We
further see that there is a tendency for the model to
predict higher scores than are found, as there are no
predicted scores below 0.5 (most are above 0.6) while
there are many actual intelligibility scores below this
score.
Figure 1: Correlation plot comparing predicted
intelligibility scores to actual intelligibility scores .
Each cross-validation fold is represented by a different
color.

We also investigated the prediction accuracy of
the model by splitting the data between the recordings
that occurred before treatment (pre) and the
recordings from after treatment (post). The results of
the investigation are illustrated in Figure 2. The posttreatment recordings occurred at multiple time points
after treatment, but for the purposes of this
comparison, these time points have been
consolidated. This consolidation is likely reflected in
the fact that the correlation is lower for the pretreatment recordings. It is clear that most of the lower
intelligibility predicted values (i.e., those below 0.75)
are the post-treatment values.

Figure 2: Correlation plot comparing predicted
intelligibility scores to actual intelligibility scores split
across pre (blue) and post (red) treatment.

Figures 1 and 2 illustrate the bias in the data for
higher intelligibility scores. In other words, the
training data is largely made up of scores above 0.75
and the data below that score is much sparser. The
confidence interval in the lower scores also illustrates
this result.
4. DISCUSSION
The present report represents our first attempt at
modeling speech intelligibility using deep neural
networks. We are encouraged by the initial success
we have seen in this preliminary work and believe
that additional work will increase the accuracy. In
order to get a model with a higher degree of
generalization, more data is necessary. This data
would include additional accuracy scores from more
than one listener along with more data from other
speakers. Deep neural nets often require large
amounts of training data to achieve high accuracy and
good generalization. We believe that the additional
data will particularly help the model in predicting
scores for new input from unknown patients. The
addition of this new training data is necessary for the
application of this type of technology clinical
situations. Further, it would be useful to have more
specific intelligibility scores for individual words as
the score we are currently using requires that use the
average score over 50 words from one speaker and
assign that value to each of the 50 words.
Another possible direction of exploration would
be to investigate the intelligibility of the sentence data
in addition to the word data. This has the potential to
increase our training data substantially and provide
training data that is more ecologically valid. We also
hope to further modify the models’ hyperparameters
and try different architectures, which may improve
the overall accuracy of the models from the different
types of input.
The present work was based on head and neck
cancer patients. The disease and its treatment often
change the structures and articulatory control. It is
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possible that the network focused on characteristic
acoustic changes related to changes in resonance that
may predict intelligibility in this population. In
addition to intelligibility, a future system could also
be trained to predict variables related to social
perception [18].
A final note, it would be informative to take the
present set of results and use a DNN automatic speech
recognition system on the patients’ recordings [21]
and then derive a similar speech intelligibility score
as we have used already. It would be interesting to
investigate similarities and differences between
human scores and scores derived from the automatic
speech recognition system. This modeling approach
may also have the added advantage of being slightly
more transparent.
5. CONCLUSIONS
The present research found that it is possible to
predict accurately human intelligibility scores using
deep neural networks and that MFCC based input
provided the best fit to the data. This also illustrates
that it is feasible to create a computational system that
can predict human intelligibility scores (or
recognition accuracy) with the acoustic signal and a
relatively small set of training data and that no
additional information about language is necessary.
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ABSTRACT
The purpose of this study was
to
compare the impact of a speech therapy
program based on oral/laryngeal motor
exercises versus a combined approach with
respiratory and oral/laryngeal motor exercises,
on vowel production. Two groups constituted by
eight male subjects diagnosed with Parkinson’s
disease were randomly assigned to one of the
treatment groups: oral and laryngeal exercises
or respiratory plus oral and laryngeal exercises.
Both treatment approaches were applied
throughout one month, five sessions per week.
The data consisted of words, containing seven
Brazilian Portuguese vowels, embedded on a
carrier phase. Analyses were performed on the
following parameters: (a) Formant
Centralization Rate (FCR); (b) Triangular Vowel
Area; (c) Vowel Working Space Area and (d) F1
and F2 values. Pre and post-treatment
comparisons showed statistical significance on
FCR and vowel area only for respiratory plus
oral and laryngeal exercises. The effort needed
to execute respiratory maneuvers may
contribute on jaw and tongue movements
amplitude and motor coordination, impacting
positively on articulatory vowel working space.
Keywords: vowel production, speech therapy ,
dysarthria, Parkinson’s disease
INTRODUCTION
It is well documented that individual’s with
Parkinson’s disease (PD) have speech and swallowing disturbances [1,2,3,4]. Motors symptoms
can affect respiratory, phonatory, resonance and
articulatory systems [2,3,4]. Imprecise articulation has been described as an important feature
of hypokinetic dysarthria [1, 2,3,4,5]. For
decades, analysis of vowel production has been
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used to access the motor performance, control
of speech and intelligibility [6,7,8,9,10]. Vowel
space area is a metric used to quantify vowel
articulatory space. This metric can be applied to
all vowels, resulting in polygon area [7,9,11,12]
or considering only the extreme articulatory
vowels /a, i, u/, in that case, referred as triangular area [13,14,15].
The compression of vowel space area in subjects with PD is pointed in many studies
[15,16,17,18,19] but some of them have not statistically proven the phenomenon through a
comparison with a control group of subjects
without neurological disorders [18,19]. For this
reason, some critiques have been made on the
use of static metrics based on mean values
[11,14,20,21]. Sapir (2010) proposed a centralization metric, Formant Centralization Rate
(FCR), arguing that measurement could be more
sensitive to examine the vowel space area. FCR
is a ratio that reflects compression of vowel
working area. The value around zero expresses
no compression [20].
There is no strong evidence that pharmacological or surgical treatments have a positive impact
on speech, respiratory or swallowing functions
for subjects with PD [22]. The speech therapy
approach remains the best way to improve those
demands. Many speech therapy approaches
have been designed to address the speech functions. Remarkably Lee Silverman Voice Treatment (LSVT) has been proved effective to improve parkinsonian speech communication
[15,22]. Some methods have been designed
specifically to address swallowing functions.
These methods are based on oral exercises to
improve movements and control of the oral
phase of swallowing associated with maneuvers
to improve the protection of the larynx’s mechanisms [23]. On the same direction, respiratory

training has been proposed to improve the respiratory function [24, 25] and the mechanism of
larynx’s protection [24]. Despite the main purpose of these approaches is addressed to swallow or respiratory function, it is reasonable to
suppose some improvement in speech, after all,
the same organs play a role on speech. In fact,
some studies show a positive impact of respiratory training on speech and voice functions [24],
while the speech approach pointed improvement
on swallow function [26].
Based on these premises the main objective of
this study was to investigate the impact of nonspeech related exercises, driven by two different
therapeutic approaches on vowel production.
Our hypotheses were:
(i) Oral and laryngeal motor exercises could
increase movement amplitude of the
tongue and jaw, and increase working
vowel space.
(ii) The combination of oral, laryngeal and
respiratory exercises could increase
working vowel space.

2. METHODS
The present study investigated the impact of
two different therapeutic approaches on production of vowels in subjects with PD. It was a
blind randomized clinical trial, registered on
www.ensaiosclinicos.gov.br plataform.

laryngeal exercises were applied by a speech
therapist and the expiratory muscle strength
treatment (EMST) by a physiotherapist. All professionals were trained and followed the same
exercise protocol for each treatment group. Patients should practice the assigned exercises at
home. All participants in each group received
the same instructions and followed the same
exercise protocol [27].
2.2. Speech Data

2.2.1. Recording Data

Speech stimuli were recorded as part of a larger
investigation and obtained during one session of
approximately thirty minutes long. Participants
were fitted with a head-mounted microphone,
seated in a sound-attenuating booth and instructed to repeat a target word embedded on a
carrier phrase. Recordings were made using
software Audacity [28], M-audio fast track audio recording interface (sampling rate = 44.1
kHz) and files were saved directly to a computer. The participants were asked to speak thirtyfive sentences, containing seven vowels of
Brazilian Portuguese (BP) (/i/, /e/, /ɛ/, /a, /ɔ/, /o/,
/u/). For each vowel, there was one target word,
which was repeated five times. All target words
were disyllabic and the target vowel was on
strong position.
Table 1: Show the words that composed the corpus

2.1. Clinical trial

/i/

/piʃo/

Eighteen male subjects, diagnosed with Idiopathic Parkinson’s Disease, with dysarthria and
swallowing complaints participated in this
study. They were randomly assigned to join one
of the therapeutic groups. The main purpose of
both therapeutic approaches was to address the
subject’s swallowing complaints. The following
approaches were offered: (i) Oral and laryngeal
exercises (Group A) and (ii) Oral and laryngeal
exercises plus expiratory muscle strength training (Group B).
All therapeutic sessions were carried out during
one month, five sessions per week. The oral and

/e/

/pezo/

/ɛ/

/pɛso/

/a/

/paso/

/ɔ/

/pɔso/

/o/

/poʃa/

/u/

/puʃo/
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2.2.2. Data analysis

Acoustic analysis was carried out on Praat software [29]. The first two formants - F1 and F2 were extracted from vowel midpoint. For every
vowel, the average formant values of F1 and F2
were calculated based on the five separate measurements. These average values were transformed into Bark and taken for the calculation
of tree indexes: (i) Vowel space area, computing
all seven vowels (VSA); (ii) Triangular space
area (TVSA), computing /i/,/a/ and /u/ vowels
and (iii) Formant Centralization Rate (FCR).
2.2.2. Statistic analysis

For statistic analysis software SOFA [30] was
used to perform Wilcoxon Signed Ranks Test
for comparing groups.

However, for group A three participants increased FCR values, with means more articulatory compression, and other five decreased values.
Table 2 - Show Wilcoxon Signed Ranks
Test results for group A and B, pre and
post-treatment comparison, for Vowel Space Area, Triangular Vowel Space Area and
Formant Centralization Rate.
GROUP A

GROUP B

VSA

0,674, W 15

0,001, W 1

TVAS

0,315, W 8

0,88, W17

FCR

0,262, W 10

0,001, W 0

3. RESULTS

4. DISCUSSION

Three hundred and sixty samples containing the
seven vowels of BP were analyzed. Two investigators double checked fifty percent of all vowel segmentation. First and second formants were
extracted by automatic script, values were inspected and outliers were checked by hand.
Vowel Space Area increases after treatment for
most of the participants, on both groups. However, only group B had significant differences
between pre and post treatment (p-value 0,001, W
1).
The data of triangular vowel space area showed
no significant differences between pre and posttreatment. An intrasubject data inspection revealed inconsistent results between participants.
On group A, four participants had increased,
two participants had decreased and two had no
change on TVSA. On group B five participants
showed decrease TVSA and three had increase
TVSA.
The Formant Central Rate data show a decrease
of compression on vowel articulation significantly different between pre and post-treatment
conditions, for group B (p value 0,001, W 1). An
intrasubject data inspection points for group B
that all participants decrease FCR values, wich
means less compression on vowel articulation.

Analysis of vowel production was performed in
order to verify the impact of non-speech exercises (oral, laryngeal and respiratory) on hypokinetic dysarthric speech. Three indexes were
calculated to explore the working vowel space.
The metrics applied were: VSA; TVSA and
FCR, in Bark.
Vowel space area is a metric that represents
space of a polygon formed by the plot of F1 and
F2 average. Triangular space area computes
only three corner vowels (i,a,u). FCR is a ratio
that reflects compression of vowel working
area.
The results showed significant differences between conditions pre and post-treatment for the
group that received oral and laryngeal plus respiratory training (group B) in two metrics: VSA
and FCR. Group B showed increase on VSA
values and decrease on FCR values, indicating
that change has been achieved on amplitude
movements of tongue and jaw during speech
function. Our data did not find consistent
change on speech after traditional motor oral
and laryngeal training. However, when associated with respiratory training these non-speech
exercises produced positive impact on vowel
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articulation. What changes? We propose some
hypothesis to explain it. (i) One is concerned
with the amount of training, in a simple way, the
group B made a greater amount of exercises
during the therapy sessions and at home. Could
the amount of training have influenced the results? The speech therapy field doesn’t have
strong knowledge about the amount of motor
training to answer that question. (ii) Two, expiratory muscle strength training focus on maximal effort, so patients are constantly challenging
to reach a target and improving it [24,25]. At the
same direction, Lee Silverment Voice Treatment
(LSVT) is based on loud voice, triggering great
effort. LSVT is the speech approach that shows
greater scientific evidences on improve
dysatrhric speech [15,22,26]. We could suppose
that “effort” can play an important role on this
kind of speech approach. (iii) Three, oral and
laryngeal exercises are disconected with speech
function, the bases rely on strength, force and
control of movements [3,23]. At other hand,
EMST trains trough respiratory function
[24,25]. Could the respiratory function be the
key that expands the gain through speech function? In other words, functional training could
be more efficient that isolated muscular training? Literature has been exploring the impacts
of EMST on speech, the studies focus more on
voice improvement, control of loudness and
respiratory phonatory coordination, and has
been showing positive results [24].
Surprisingly TVSA didn’t follow the other metrics and didn’t show significant differences between pre and post-treatment condition for any
of the groups. In order to understand why TVSA
couldn’t reflect the articulatory modifications
like VSA we checked the highest and lower values of F1 and F2 to correlate with respective
vowel. The findings showed that the corner
vowels (/i, u, a/) do not always represent the
extreme vowels on our data. So, triangular vowel space area could be underestimated because
the extreme vowels are not consistent represented by /a, i, u/. In that sense, VSA shows to be
strongest in reflect working vowel space area, at
least for dysartrhic speech [19].
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It is import to recognize that this data is small,
only eight participants per group, and it is not
enough to understand the complexity of
dysarthria behavior. Despite this shortages it is
important for speech therapy approaches to understand when and which approaches can be
useful for more than one goal, especially with
neurologic population. Management of swallowing, speech and respiratory disturbances
could be a big challenge for the clinician. The
knowledge that a specific approach can have
secondary effects on other function can be a
very important tool for the care professionals.

5. CONCLUSION
The main findings of this paper are:
(i)Association of expiratory muscle strength
training to oral and laryngeal exercises impact
positively vowel articulatory increasing vowel
working space.
(ii) Non-speech exercises do not consistent impact vowel articulatory
(iii) Vowel Space Area is more sensitive to detect changes in vowel space comparing to Triangular Vowel Space Area on hypokinetic
dysarthric speech.
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ABSTRACT

The Ling six-sound test is widely used clinically to
verify effectiveness of hearing aids or cochlear
implant fitting. When the Ling test is administered to
speakers of major Chinese dialects, decisions have to
be made about the specific sounds to use based on
dialect-specific phonological contrasts and frequency
distribution patterns. Spectral properties of the
sibilant fricatives and affricates were analyzed in
Beijing, Wuhan and Xiamen. The results showed that
in order to adequately encompass the whole
frequency range to accommodate the fact that the
alveolar /s/ in all three dialects is produced with a
much higher center of gravity value than its English
counterpart, a palatal /ɕ/ or /tɕʰ/ is introduced to
represent the 5-7kHz range, along with the postalveolar /ʂ/ in Beijing and the aspirated alveolar /tsʰ/
in Wuhan and Xiamen, leading to a revised sevensound test. Justifications for using tones in lower
pitch register are also provided.
Keywords: Ling sound test, sibilant fricatives,
frequency distributions, Chinese dialects
1. INTRODUCTION
According to a national survey conducted in 2006
[13], there are 27.8 million people with hearing loss
in China, and it is estimated that 23,000 infants were
born with hearing impairment each year. As hearing
screening techniques have become more readily
available than ever before, early detection and
intervention will be key to rehabilitation.
The Ling sound test [12] is a hearing test widely
used in audiometry to assess children’s ability to hear
across the frequency range essential for spoken
language development for people with hearing
impairment, and to verify effectiveness of hearing
aids or cochlear implant fitting in children. Compared
to other assessment methods, the Ling test can be
easily administered as either a detection or
identification task with high validity [5, 10, 21, 23].
Originally developed for the American population,
the test selects familiar speech sounds that would
broadly represent the speech spectrum from 250 to
8000 Hz, with concentration of acoustic energy
manifested in low, mid and high frequency ranges.
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The speech sounds used in the test include three
vowels /i/, /u/, /a/, two sibilant fricatives /s/, /ʃ/, and a
nasal /m/, which was added later due to its low
frequency content. The test was subsequently referred
to as the Ling six-sound test [12]. Table 1 shows
frequency distributions of the six sounds [12, 14].
Based on the values of center of gravity, /m/ is usually
used to assess hearing of the low-frequency sounds
while /s/ and /ʃ/ are used to test hearing of the highfrequency sounds. The three corner vowels are used
to test perception of the vowel space defined by the
first two formants F1 and F2.
Table 1: Frequency distributions of the six sounds
in Hz.
Sounds
/m/
/u/
/a/
/i/
/ʃ/
/s/

F1

F2

350
700
300

900
1300
2500

Center of gravity
250-500

2000-4000
3500-7000

When the Ling sound test is used clinically outside
North America, differences between the American
English and the language of the population need to be
accounted for. Agung et al. [1] recommended
replacing /u/ with /ɔ/ to better represent the vowel
space in Australian English because the vowel /u/ is
articulated with the tongue in a more fronted position
and often considered a high central vowel.
For Chinese speakers, previous studies have
focused on production and perception of lexical tones
in Mandarin-speaking children with cochlear
implants [7, 18, 23, 24]. Li et al. [8] turned their
attention to the Mandarin adaptation of the Ling six
sounds. Mandarin does not have /ʃ/, so they used the
post-alveolar /ʂ/ (also termed retroflex fricative)
instead in their study. Their analysis based on data
from 60 speakers showed that /s/ in Mandarin is
produced with a much higher center of gravity than
its counterpart in American English as reported in
[12]. They proposed an expanded seven-sound test
(/m, u, a, i, s, ʂ, ɕ/) to include /ɕ/, whose center of
gravity is located in the 5-7kHz range.
Following the methodology in [8], the current
study considers the fact that a significant portion of
Chinese population, including those with hearing aids

and cochlear implant users, are speakers of Chinese
dialects or even minority languages, which are
phonologically distinct from the official variety of
Mandarin. Many of these dialects have different
phonological
contrasts
and
are
mutually
unintelligible. For example, the three-way contrast of
/s/, /ʂ/, /ɕ/ in Mandarin is completely missing in
Cantonese as the latter has only /s/ among the three
fricatives. Other dialects lack /ʂ/ and its affricated
forms. Phonological contrasts in fricatives have
implications for establishing the dialect-specific
sound inventory before conducting the Ling sound
test for speakers of Chinese dialects.
In addition, all Chinese dialects use tones to
distinguish lexical meanings and many have very
complex tone systems. However, lexical tones are
currently not considered in the Ling sound test. As Li
et al. [8] suggested, lexical tones at the higher and
lower register of the pitch range should be
incorporated in the test of vowels.
The goal of this study is to analyze spectral
properties of sibilant fricatives and affricates in two
major Chinese dialects, Wuhan and Xiamen, to
determine frequency distributions of these sounds and
their eligibility to target the frequency bands essential
for the Ling sound test. Comparisons will be made
with the Mandarin data reported in [8].
2. PHONOLOGICAL SYSTEMS OF
FRICATIVES AND AFFRICATES

syllables ending in /p, t, k/ or a glottal stop. To
simplify the discussion, we label tones numerically
and provide transcriptions on a five-point scale in the
table below, where 1 represents the lowest pitch and
5 the highest. Checked tones are underlined.
Table 2: Fricatives, affricates and nasals in Wuhan,
Xiamen and Mandarin.

Wuhan
fricatives
affricates
nasals

s
ts
tsʰ
m

n

Xiamen
ɕ
tɕ
tɕʰ
ŋ

s
ts
tsʰ
m

n

Mandarin
(ɕ)
(tɕ)
(tɕʰ)
ŋ

s
ts
tsʰ
m

ʂ
tʂ
tʂʰ
n

ɕ
tɕ
tɕʰ

Table 3: Tones in Wuhan, Xiamen and Mandarin.

T1
Mandarin 55
Wuhan
55
Xiamen
55

T2
35
213
35

T3
214
42
53

T4 T5 T6 T7
51
35
11 33 11 55

3. METHODS
3.1. Participants

40 speakers of Wuhan dialect and 44 speakers of
Xiamen dialect were recruited for the experiment.
There is an equal split of female and male speakers
(total = 88) in both groups, with the average age of
22.5 (SD=1.86). They reported no hearing
impairment and can communicate in Mandarin.
3.2. Materials

Wuhan dialect is a major variety of Southwestern
Mandarin, spoken in the most populous city in
Central China. Xiamen, formerly known as Amoy, is
home to the Southern Min dialect, which is also
spoken in Taiwan and Southeast Asia. Table 2
summaries the phonological systems of fricatives,
affricates and nasals in Wuhan [9], Xiamen [11, 21]
and Mandarin [15-17]. As can be seen from Table 2,
The phonological register of Mandarin Chinese has
three voiceless fricatives: alveolar /s/, post-alveolar
(retroflex) /ʂ/ and palatal /ɕ/ that also occur in
affricated forms where they can be both aspirated (/tsʰ,
tʂʰ, tɕʰ/) and unaspirated (/ts, tʂ, tɕ/). Wuhan and
Xiamen, however, lack the post-alveolar series. The
palatal series in Xiamen is often treated as allophonic
variants of the alveolar series, which becomes
palatalized before the high vowel /i/ or the prenuclear glide /j/. In traditional descriptions like [11,
21], the articulation of /s/ is said to be more fronted
and less palatalized than its affricated forms before
the high vowel /i/. All three nasals can occur in the
syllable onset, except the velar nasal /ŋ/ in Mandarin.
Like most Mandarin dialects, Wuhan and
Mandarin both have four lexical tones, but they differ
in tonal values. Xiamen has a seven-tone system: five
long tones and two checked tones that only occur on
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Recall that the three consonants in the Ling sound test
are /m/, /s/ and /ʃ/. Wuhan and Xiamen have /m/ and
/s/, but do not have post-alveolar fricatives, so we
included palatal fricatives and affricates in the current
study. We recorded both consonants and single
syllables in which the vowels are chosen to be in the
same place of articulation as the consonants when the
combinations are phonologically permissible, such as
/sɿ/, /tsʰɿ/ in Wuhan and /ɕi/, /tɕʰi/ in Xiamen. Palatal
fricatives and affricates can be elicited in the context
of the high vowel /i/ in Xiamen. Single syllables are
often used in sound tests by audiologists. The list of
recording materials is given in Table 4.
Table 4: Single consonants and monosyllables used
in the experiment.
fricatives
affricates
nasals

Wuhan
s, sɿ, ɕ, ɕi
tsʰ, tsʰɿ,
tɕʰ, tɕʰi
m, mo

Xiamen
s, sa, ɕ, ɕ̙i
tsʰ, tsʰa,
tɕʰ, tɕʰi
m, mi

Mandarin
s, sɿ, ʂ, ʂʅ, ɕ, ɕi
tsʰ, tsʰɿ, tʂʰ,
tʂʰʅ, tɕʰ, tɕʰi
m, mo

3.3. Recording and Data Extraction

The elicited production of the single consonants and
syllables was digitally recorded at a sampling rate of
44.1 kHz with a 16-bit resolution in a sound-proof

recording booth with ambient noise around 30dB SPL.
Participants – half are males and half are females –
were instructed to produce all materials with a highlevel tone, which is adequate for the current study. In
total, 2000 tokens were obtained (10 sounds × 5
times × 40 speakers) from Wuhan speakers, and 2200
tokens were obtained (10 sounds × 5 times × 44
speakers) from Xiamen speakers.
All sounds were manually segmented in Praat [3].
An example of segmentation and labelling from
Xiamen is given in Fig. 1. Measurements were made
of the frication noise in aspirated affricates,
corresponding to the segment labelled “tsʰ-1” below.
Spectral properties are characterized by the first four
moments of the consonants, i.e. center of gravity,
standard deviation, skewness and kurtosis, extracted
using Praat and analyzed by gender of the speakers.

ɕ
ɕi
tɕʰ
tɕʰi
tsʰ
tsʰɿ
s
sɿ

191
6558
5408
6246
5280
6672
5202
6356
5286
9774
8408
9282
7635
10656
9190
10207
8634

108
2310
2294
2352
2295
2496
2390
2435
2358
2990
3298
3006
3237
2579
3080
2541
3110

31.93
0.81
1.15
0.8
1.23
0.68
1.11
0.76
1.14
-0.67
-0.25
-0.42
-0.02
-0.84
-0.34
-0.72
-0.2

4674.52
2.72
3.22
2.51
3.14
2.08
2.79
2.34
2.89
2.5
0.75
1.62
0.38
3.72
1.25
3.31
0.77

Figure 2: CG for consonants in Wuhan, n=40, **:
p<0.01, *: p<0.05.

Figure 1: Segmentation and labelling of /tsʰa/.

Table 6: Consonant moments in Xiamen, n=44,
CG=center of gravity, female average on top of
male average in each cell.

4. RESULTS
4.1. Spectral properties of consonants in Wuhan

m

Average values of the four parameters for each test
sound are presented in Table 5, with female average
on top of male average in each cell. Results showed
significant gender difference with respect to center of
gravity (CG) values: female speakers have higher CG
than male speakers in all 10 sounds tested (p<0.01).
Fig. 2 plots the average CG values and one SD
(standard deviation) for female and male speakers
separately.
Due to influence of the following vowels,
fricatives and affricates said in syllables generally
show slightly lower center of gravity than those said
in isolation. Significant differences were spotted
between /s/ and /sɿ/ in both female and male speakers,
and additionally, between /ɕ/ and /ɕi/ in female
speakers, and between /tsʰ/ and /tsʰɿ/ in male speakers.
In terms of frequency distribution, /s/ has its most
acoustic energy concentrated in the high frequency
range, followed by /tsʰ/, /tɕʰ/, /ɕ/ and /m/.
Table 5: Consonant moments in Wuhan, n=40,
CG=center of gravity, female average on top of
male average in each cell.

m
mo

CG (Hz)
253
195
244

SD (Hz)
110
146
88

skewness
54.86
24.45
75.49

kurtosis
8375.1
1894.99
13060.53
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mi
tɕʰ
tɕʰi
ɕ
ɕi
tsʰ
tsʰa
s
sa

CG (Hz)
241
192
225
177
6596
5703
6704
5365
7137
6362
7473
6451
9076
7989
7446
5956
10533
9436
9292
8282

SD (Hz)
117
165
89
114
2882
2727
3025
2794
2435
2433
2539
2588
3322
3085
3875
3519
2815
2877
3139
2965

skewness
60.66
19.46
93.95
26.65
0.34
0.72
0.08
0.69
0.43
1.00
0.16
0.61
-0.86
-0.34
-0.55
0.13
-1.04
-0.71
-1.14
-0.45

kurtosis
10806.90
1134.78
29318.48
3206.86
1.63
1.68
1.3
1.44
2.85
3.06
2.56
2.29
2.28
1.91
1.08
1.52
4.31
2.78
3.61
1.96

4.2. Spectral properties of consonants in Xiamen

Like Wuhan, Xiamen results in Table 6 showed
similar significant gender differences with respect to
center of gravity values with the only exception of
/tsʰa/ (p=0.57>0.05). Other 9 sounds all showed
higher CG values in female speakers than male
speakers. Fig. 3 plots the average CG values for
female and male speakers separately.

Figure 3: CG for consonants in Xiamen, n=44, **:
p<0.01.

Similar patterns of differences in center of gravity
between consonants said in syllables and in isolation
were also observed in Xiamen. Between /m/ and /mi/,
/tsʰ/ and /tsʰa/, /s/ and /sa/ all showed significant
differences in female and male speakers at the p<0.01
level. Male speakers also showed significant
differences between /tɕʰ/ and /tɕʰi/ at the p<0.01 level.
In terms of frequency distribution, /s/ is followed by
/tsʰ/, /ɕ/, /tɕʰ/ and /m/, from high frequency range to
low.
Significant differences were also identified when
we examined how phonologically similar sounds are
phonetically realized across dialects. Three-way
ANOVA tests revealed great variability in the values
of center of gravity, especially in female speakers, as
illustrated in Table 7. While /s/ has the most
consistent phonetic realization across dialects, palatal
sounds /ɕ/ and /tɕʰ/ exhibit greater variability than
other sounds. As a result, hearing screening and
assessment should be based on dialect-specific
analyses of the frequency distributions of the
consonants.

3.5-8 kHz. /tsʰ/ and /s/ are in the frequency ranges of
5-10 kHz and 7-12 kHz, respectively. It is worth
noting that the alveolar fricative /s/ in Chinese
dialects is articulated with much higher center of
gravity frequency than its counterpart in American
English. In other words, with /m/ in the similar low
frequency range in English and Chinese, Chinese
speakers have to deal with a more expanded
frequency range than English speakers.
Based on the above analysis, we recommend
testing /m/, /ɕ/, /tsʰ/ and /s/ in Wuhan and /m/, /tɕʰ/,
/tsʰ/ and /s/ in Xiamen so as to adequately encompass
the whole frequency range essential for speech
development. A similar recommendation was made
for Mandarin [8]. Combining them with three corner
vowels /a/, /i/ and /u/ gives rise to a seven-sound test.
Note that /sa/ should be used instead of /si/ in Xiamen
when conducting syllable-based tests because of the
palatalization process that involves /s/ before the high
vowel /i/.
A list of test sounds and their mean center of
gravity frequency values ±one SD are given in Table
8 as a reference for conducting hearing tests.
Table 8: Recommended test sounds and their mean
center of gravity frequency values ± one SD in
Wuhan, Xiamen and Mandarin.

Table 7: Tukey HSD pairwise comparisons of
phonologically similar sounds across dialects in
Wuhan (WH), Xiamen (XM) and Mandarin
Chinese (MC), F: Female, M: Male.

Tonal changes happen in the low frequency range.
In tone languages like Chinese, lexical meanings are
distinguished by tones. While we used only high tone
here, we recommend incorporating test of tonal
variations by including lexical tones that occur in the
lower register of pitch range in hearing tests in future
studies. For example, Tone 2 in Wuhan is a low
dipping tone (213), and Tone 4 in Xiamen is a low
level (11). The ability to perceive and produce lexical
tones will be critical for cochlear implant fitting in
children.
5. DISCUSSIONS AND RECOMMENDATIONS
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ABSTRACT
The speech of children with dysarthria and cerebral
palsy (CP) is characterized by respiratory, phonatory
and articulatory difficulties. Whilst, traditionally,
speech deviations were described perceptually, the
focus has recently shifted to acoustic measures to
quantify the children’s speech changes more
objectively and systematically. This study
investigated the role of age in acoustically
characterizing dysarthria in children with CP. Speech
samples of eight children were analyzed using various
acoustic measures and compared to those of typicallydeveloping peers. Results showed overall group
differences for several acoustic measures.
Additionally, the degree to which acoustic measures
may differentiate children with CP and their peers is
influenced by age, with various measures found to be
more suitable in differentiating older affected and
unaffected children (13-18 years) compared to
younger ones (7-8 years). This finding suggests that
age is important when selecting acoustic markers of
dysarthria, with some markers constituting more
sensitive measures than others.
Keywords: speech, acoustics,
dysarthria, age-related effects

cerebral

palsy,

1. INTRODUCTION
Cerebral palsy (CP) is a motor disorder caused by
damage to the developing brain that affects movement,
balance and posture [14]. The motor deficits are
frequently accompanied by difficulties with cognition
and sensorimotor function [4]. In about 50% of
children with CP the brain damage also leads to
communication
difficulties,
with
dysarthria
representing the most frequent form of communication
impairment [12]. Speech characteristics associated
with dysarthria include shallow, irregular breathing,
harsh and/or breathy voice, hypernasality and
imprecise articulation [3, 7, 11, 18]. Although the
presentation of dysarthria in children with CP can
vary considerably, in most cases all speech
subsystems, i.e. respiration, phonation, resonance and
articulation, are affected by the motor control issues.
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Current treatment approaches for children with
dysarthria secondary to CP focus on improving
intelligibility, and considerable research efforts have
been made to determine those features that impact
most on intelligibility. Perceptual evaluations of
speech produced by children with dysarthria and CP
have identified difficulties with articulation, voice
quality, hypernasality and speech rate as the primary
features contributing to reduced speech intelligibility
[6, 11, 18]. However, the studies also showed that
perceptual evaluations do not lend themselves very
well to differentiating between types of dysarthria as
perceptual features are often similar across the
different types of CP-related dysarthria. In order to
quantify and classify the perceived changes in a more
objective and systematic way, researchers have begun
exploring the usefulness of acoustic measures to
capture the children’s speech changes. Measuring
acoustic correlates offers the advantage of objectively
capturing those changes to the acoustic signal that
lead to the perception of impaired speech in children
with dysarthria and CP [2]. Furthermore, acoustic
measures allow the quantification of differences in
speech features produced by children with CP and
their typically-developing peers. Based on this,
studies using acoustic data have identified changes in
articulation rate and F2 range, among other
characteristics, as primary features in children with
CP that differ from those of typically-developing
children [e.g. 2, 10].
It is important to note that studies on adult dysarthria
have long been using acoustic analyses to objectively
quantify speech features [1, 8, 16, 19], whereas
research into childhood dysarthria has only recently
started exploring the usefulness of acoustic analyses
in characterizing speech. This does not come as a
surprise, given the challenges in collecting speech
data from children with disabilities and the
complexities associated with evaluating atypical
speech characteristics at an age where the motor
system is yet to fully develop and mature. Unlike in
adult dysarthria, age is therefore likely to have an
influence on the acoustic features of speech in
childhood dysarthria.

The current study aims to investigate to what extent
age-related effects can be observed with regard to
acoustic markers of dysarthria in children with CP.
This will help establish whether and to what extent
age should be considered when designing speech
tasks and collecting and interpreting speech data of
children with dysarthria and CP for clinical research
and practice.
2. METHOD
2.1. Participants

Speech recordings from eight children with dysarthria
due to CP were analysed with regard to various
acoustic measures and subsequently compared to the
performances of eight age-, gender- and dialectmatched TD children (cf. Table 1; six boys and two
girls; CP: mean age = 12.0 years, range = 7-18 years;
TD: mean age = 11.8 years, range = 7-20 years). The
data were collected as part of a project on prosodic
abilities in children with CP [9]. Three children had
been diagnosed with dyskinetic CP, two with spastic
CP, and two with ataxic CP. The children’s motor
speech difficulties ranged from mild to severe as
established by the Children’s Speech Intelligibility
Measure (CSIM) [17]. All children were native
speakers of Scottish English (West of Scotland
variety). Hearing and vision was normal or adjustedto-normal with cognitive skills appropriate to follow
task instructions.
Speak
er

Gend
er

Age

CP
type

Severity

Control
speaker

Age

CP1
CP2
CP3
CP4
CP5
CP6
CP7
CP8

M
M
M
M
M
F
F
M

7
7
16
18
13
8
15
7

Dys
Sp
Sp
At
At
Dys
Dys
Sp

Mild
Mild
Mod
Mod
Sev
Mod
Mild
Sev

TD1
TD2
TD3
TD4
TD5
TD6
TD7
TD8

7
8
16
20
14
7
16
6

Table 1: Participants characteristics (CP=cerebral
palsy, TD=typically-developing, Dys=dyskinetic,
Sp=spastic,
At=Ataxic,
Mod=moderate,
Sev=severe (CSIM score (mild: ≥ 80%, moderate:
50 – 80%, severe: < 50%))

therefore subsequently formed the basis of the
acoustic analyses reported in the current study. For
each speaker acoustic analyses were conducted on a
set of 50 single words from the CSIM [17], 20 short
sentences (SENT) [9], the retelling of the Renfrew
Bus Story (RETELL) [13], and a monologue task
(MONO) where children spoke either about their last
birthday or their hobbies. The latter two speech tasks
were geared towards obtaining connected speech
samples, as this is generally considered the most
ecologically valid material in assessing disordered
speech. It is deemed more natural and captures a
wider range of speech characteristics under
investigation. In addition, the increased motor control
demands of longer utterances may lead to speech
deviations emerging that might not be apparent in
single words or short utterances, motivating the need
to look beyond analyses of single words [2].
2.3. Measures

Across the speech tasks, suitable voiced fragments for
acoustic analyses were identified, marked and
extracted using Praat [5]. Non-lexical fillers (e.g., uh
or um) were excluded. As a next step, acoustic
measures were quasi-automatically obtained by
means of custom Praat scripts. Acoustic measures
were selected taking account of the fact that multiple
speech dimensions can be affected in the speech of
children with dysarthria, and included voice quality,
vocal intensity, prosody and articulatory working
space. Specifically, the following measures were
taken:
 Sound Pressure Level (SPL; Mean, SD, 90th10th percentile range)
 Fundamental Frequency (F0; Mean, SD, 90th10th percentile range)
 Second Formant Interquartile Range (F2 IQR,
3rd quartile – 1st quartile).
 Cepstral Peak Prominence (CPP) and Smoothed
Cepstral Peak Prominence (CPPS)
2.4. Statistical analyses

2.2. Materials

Acoustic measures were obtained from four
structured and unstructured speech tasks ranging
from single words to connected speech. The tasks
were carefully selected or designed to elicit speech
data for the investigation of prosodic abilities in
children with CP [9]. The speech tasks also lent
themselves for further detailed acoustic analysis, and
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A series of 2-way ANOVAS were performed to
compare Group performances (CP, TD) for each
acoustic measure and speech tasks (CSIM, SENT,
RETELL, MONO). In a first step, groups and tasks
were compared by pooling the acoustic outcome
measures over the different speech tasks to establish
potential group differences. The next step involved
subgroup analyses to determine the role of Age as a
factor that may affect Group performance. Subgroups
were formed of younger children (7 to 8 years, i.e.
CP1, CP2, CP6, CP8) and older children (13 to 18
years, i.e. CP3, CP4, CP5, CP7).

represent measures associated with different speech
subsystems.

3. RESULTS
3.1. Comparisons of groups

The results of the group comparisons conducted
across all speech tasks revealed that the children with
CP had a significantly higher SPL Range (F (1, 56) =
6.800, p = .0012) and SPL SD (F (1, 56) = 7.551, p =
.008) than their TD peers. Significant differences
were also found for F0 Mean (F (1, 56) = 4.612, p =
.036) and F0 SD (F (1, 56) = 4.078, p = .048), which
were higher in the CP group, with F0 Range showing
a trend in this direction (F (1, 56) = 3.194, p = .079).
CPP and CPPS measures also differed significantly
between groups, with children with CP showing
higher mean CPPS (F (1, 56) = 11.410, p = .001) and
CPP values (F (1, 56) = 4.854, p = .032). The
remaining acoustic measures (F2 IQR and SPL mean)
did not differ significantly between groups. An
overview of the results of the group comparisons of
the different acoustic measures pooled over speech
tasks is displayed in Figure 1.

SPL Range
Figure 2 displays group comparisons of the speech
parameter SPL Range divided into age groups.
Comparisons across both groups in terms of Age
showed a significant main effect for Group (CP vs.
TD; F (1, 60) = 8.389, p = .005), with the CP group
showing a larger SPL Range compared to the TD
group. The main effect for Age was also significant
(Younger vs Older; F (1, 60) = 6.318, p = .015), with
the younger children showing a larger SPL Range
compared to the older children. The interaction effect
was also significant: F (1, 60) = 5.403, p = .023. Posthoc analysis showed a group difference in SPL range
for the Older children (p < .001) but not the Younger
ones (p = .687), indicating a higher differentiating
sensitivity for the former group.
Figure 2: Group comparisons of acoustic measure
SPL Range with Age as factor, pooled over speech
tasks

Figure 1: Overview of group comparisons per
acoustic measure, pooled over speech tasks
(logarithmic-scaled)

When comparing the two speaker groups for each of
the four speech tasks separately, the results on group
differences were largely similar to those found when
pooling all speech tasks. In addition, few significant
differences were found when comparing speech tasks
in their ability to differentiate speaker groups. The
acoustic outcome measures were therefore summed
across the four speech tasks in further reporting.
3.2. Subgroup analyses for Age

Subgroup analyses were conducted to determine the
role of Age as a factor that may affect Group
performance. We focus on presenting results from
three of the acoustic measures that showed promise
for indicating group differences, namely SPL Range,
CPP, and F0 SD. These were also selected as they
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CPP
Figure 3 shows group comparisons of the speech
parameter CPP for the different age groups.
Statistical analyses revealed significant main effects
for Group (CP vs. TD; F (1, 60) = 5.509, p = .022),
with higher CPP values for the CP group, as well as
for Age (Younger vs Older; F (1, 60) = 9.847, p =
.003), with higher CPP values for the Younger group.
However, the interaction effect was not significant (F
(1, 60) = .350, p = .557). This indicates that relative
differences between groups were not influenced by
Age, but remained fairly constant. Post-hoc analysis
indicated a marginally significant group effect for the
Older children (p = .042) and a non-significant group
effect for the Younger children (p < .219), again
indicating a higher differentiating sensitivity in the
Older group.

Figure 3: Group comparisons of acoustic measure
CPP with Age as factor, pooled over speech tasks

the speech of children with CP. This reflects greater
variation of these features in this group, most likely
due to reduced respiratory and phonatory control.
Similarly, CPP and CPPS measures were higher in
this group, suggesting that the voice of the children
with CP had a hoarser quality to it. Overall, these
findings indicate that the selected acoustic measures
were suitable to quantify speech differences between
children with CP and their TD peers.

F0 SD
Figure 4 displays group comparisons of the speech
parameter F0 SD, separated by age groups. Statistical
analysis showed a significant main effect for Group
(CP vs. TD; F (1, 60) = 4.709, p = .034), with the CP
group showing a larger F0 SD compared to the TD
group. The main effect of Age was also significant
(Younger vs Older; F (1, 60) = 17.783, p < .001), with
the younger children showing a larger F0 SD
compared to the older children. The interaction effect
was non-significant: F (1, 60) = .061, p = .806. Posthoc analysis confirmed the absence of differences for
each age group, i.e. Older: p = .093; Young: p = .179.
These results indicate that F0 SD behaved fairly
similar across age groups when differentiating speech
of children with CP speech and their TD peers.

The subsequent subgroup analyses of younger and
older speakers established that age represents a
variable that influences acoustic performance
patterns, with younger children’s speech consistently
yielding higher values. This finding shows that
children’s speech changes as the system matures and
indicates that, even though CP is a permanent
condition, it is not a static one and speech difficulties
and its manifestations are likely to change over time.
However, the fact that for SPL Range systematic
group differences were observed for the older
children, but not the younger ones, whilst the CPP and
F0 SD outcome measures remained relatively
constant across both age groups suggests that some
acoustic measures may be more suited than others to
detect differences between groups in older children.
That is, these measures might become more relevant
and sensitive predictors of acoustic differences once
the speech system has matured.
Whilst these results appear promising in terms of
guiding researchers and clinicians in their selection of
acoustic markers for quantifying differences in the
speech of children with CP, it is important to
highlight that the present group of children with CP
varied considerably with regard to CP type and
severity of dysarthria. This heterogeneity needs to be
considered when interpreting the current findings.

Figure 4: Group comparisons of acoustic measure
SPL Range with Age as factor, pooled over speech
tasks

5. CONCLUSION

4. DISCUSSION
This study sought to explore the effect of age on the
acoustic characterisation of dysarthria in children and
adolescents with CP. Knowledge on this will be
helpful for researchers and clinicians when designing
speech tasks and selecting acoustic parameters for the
analysis of speech at different ages in this population.
The group comparisons across speaking tasks
revealed higher values for F0 and SPL measures in
3034

Our study has shown that a range of acoustic
measures are suited to capture speech features in
children with CP and their TD peers. In addition, our
subgroup analyses has shown the extent to which age
is a variable that can influence speech performance in
children with dysarthria and CP. The present study
therefore highlights the complexities in acoustically
characterizing dysarthria features in children with CP
and points to age as a factor that should be considered
when selecting acoustic parameters for assessment
and comparison purposes.
Acknowledgements: The data analysed in this study
was collected as part of a British Academy
Postdoctoral Fellowship awarded to the first author.
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ABSTRACT
This paper describes rationale and initial stage of
developing a tool for screening Thai children at risk
for Learning Disabilities (LD), “Noo-Khor-Arn”
‘May I read?’, by combining linguistics,
mathematics, and memory criteria. Six main tests
include Rapid naming, Decoding, Morphological
awareness, Phonological awareness, Mathematics,
and Memory. Phonological awareness is divided into
five subtests: Initial phoneme deletion, Phoneme
identification, Phoneme discrimination, Phoneme
substitution, and Rhyme detection. Complete tests
were administered to a pilot group of 10 Thai
normally developed (ND) and five LD children (mean
age 8.20 ± 0.68 SD). Children’s performance on the
six tests showed a significant larger mean in ND.
After minor data adjustment, Phonological awareness
was ranked in the third place, following Decoding and
Morphological awareness for separating LD from ND
group and was proved to be a potentially good
predictor (along with the use of ASR) for assessing
LD in this sample.
Keywords: learning disability, screening test,
phonological awareness, case-control study, Thai
1. INTRODUCTION
1.1. Phonological awareness and Learning
Disabilities
“Phonological awareness is an awareness of sounds
in spoken words that is revealed by such abilities as
rhyming, matching initial consonants, and counting
the number of phonemes in spoken words” [30]. This
awareness enables children to understand that spoken
words can be divided into a sequence of phonemes
and enables them to manipulate the units of spoken
language [13, 16, 29]. The awareness develops
gradually over time and has a strong relationship to
the early stages of reading development [1, 2, 31]. In
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cases where it fails to develop normally, children
could show some forms of Learning Disabilities (LD)
including difficulties in reading, writing, math,
reasoning, listening, or even speaking. One type of
LD that directly involves reading skills is Dyslexia.
Individuals with Dyslexia generally struggle with
letter or word recognition, word decoding, spelling,
fluency reading, and reading comprehension,
typically resulted from a deficit in the phonological
component of language [14].
1.2. Screening children at risk for LD
LD can be diagnosed when children have some
learning experiences in school typically at the age of
9 years old [26]. In English-speaking countries,
paper-based tests written for screening children at risk
for LD are typically composed of intelligence tests
[3536], achievement tests [4, 9], and language tests
[8, 25]. These tests include several subtests such as
mathematics, memory (e.g., word repetition and
recalling sentences) and language (e.g., reading
comprehension and writing). For Chinese, Shu et al.
developed a language test for Chinese ND and LD
children [27]. The results revealed that rapid naming,
memory, phonological awareness, and morphological
awareness are all useful for assessing LD. Other
studies, based on languages such as English [6, 15],
Japanese [24], and Korean [1011], examined
relationship between phonological awareness and
language disabilities of 510 years old children with
LD. The findings reconfirmed that phonological
awareness was one of the most important predictors
for screening children with LD.
1.3. LD screening in Thailand
In Thailand, it has been estimated that 1 in 10 people
have some forms of LD and only certain amount are
aware of the condition. Crucially, no reliable
assessment that covers these important predictors has
been developed. Beside an IQ test (Thai edition of

Wechsler Intelligence Scale for Children-Third
Edition (WISC-III) [34]), Wide Range Achievement
Test-Thai version (WRAT-Thai) [23] is widely used.
The test consists of three parts; reading, spelling, and
mathematics. However, this test has been translated
from the English version and does not truly represent
the Thai language, especially the phonological
awareness domain. Another screening test, KUS-SI
Rating Scales: ADHD/ LD/Autism (PDDs) [33] has
limitations since it does not directly evaluate the
children’s skills. Rather, it is child’s behaviour
observation guidelines and ratings by their teachers or
trained psychologists and it takes at least three
months to complete. Currently, Rama Pre-Read: RPR
[21], a very first screening test (software) in Thai that
emphasizes language domains: initial sound
matching, letter naming, rapid letter naming, letter
sound, and category naming, but it has not widely
been used.
Due to limitations of the current assessments tools
in Thailand, the goal of this research was to develop
a paper-based screening tool for Thai children at risk
for LD. Assuming that phonological awareness task
is a significant factor, our attempt was to manipulate
phonological awareness task as one of our main
subtests. It has been shown that the awareness can be
assessed in different tasks such as phoneme deletion,
phoneme discrimination, and rhyming [5, 12].
2. “NOO-KHOR-ARN” TOOL: FULL SET
A Thai paper-based screening tool “Noo-Khor-Arn”
was designed to cover all relevant and important
predictors for LD. Specifically, it has been modified
based on previous studies and contains six main tests
and 23 different subtests as outlined in table 1.
Table1: Screening tool “Noo-Khor-Arn” for Thai LD
children

Rapid Naming
Decoding
Morphological
awareness
Phonological
awareness
Mathematics

Memory

1) Rapid character naming
2) Rapid color naming
3) Rapid shape naming
4) High-frequency word decoding
5) Pseudo-word decoding
6) Digit reading
7) Morpheme production
8) Morpheme deletion
9) Noun-classifier detection
10) Initial phoneme deletion
11) Phoneme discrimination
12) Phoneme identification
13) Phoneme substitution
14) Rhyme detection
15) Computational fluency
16) Pattern detection
17) Object assembly
18) Block design
19) Corsi-block
20) Symbol search
21) Syllable counting
22) Verbal instruction
23) Digit span

In the first phase of the development, the tool was
designed such that each subtest is composed of 15
items. This would be trimmed down after analysis of
our preliminary findings to determine which subtests
are crucial for early identification. Importantly, with
this tool, different aspects phonological awareness in
Thai (Table 1) could be systematically examined. In
this paper, the focus is on the design and analysis of
the findings from the tool’s Phonological awareness
main test.
3. PHONOLOGICAL AWARENESS TEST
Five phonological awareness tasks were selected
based on significant variables from previous studies
[5, 12]: Initial phoneme deletion, Phoneme
discrimination, Phoneme identification, Phoneme
substitution, and Rhyme detection (Table 1). To
maintain an appropriate difficulty level of the test, all
test items were selected from lexical database (with
frequency and part-of-speech annotations) of Thai
kindergarten and Grades 13 school children reading
materials [17, 22]. Moreover, Gibbs demonstrated
that using pictures in tests of phonological awareness
can facilitate the tasks by not overloading working
memory [7]. In our Phonological awareness test, test
words were presented with associated pictures. No
orthography was used to avoid an orthography effect.
It is worth noting that all of the pictures were under
creative commons CC0 license and have been
checked for public availability.
3.1. Initial phoneme deletion
Initial phoneme deletion is the ability to remove an
onset sound from a meaningful (CV(V)T(C))
monosyllabic word and to recognize what remains in
a new meaningful monosyllable word. For example,
if an onset of the target word “ก่ อ น  ‘prior to’”
is removed, we would get “อ่ อ น  ‘weak’”. The
target word was read aloud by examiner and the child
provided an answer.
3.2. Phoneme discrimination
Phoneme discrimination task measures the ability to
recognize speech sounds, particularly in phoneme
units [37]. For each test item, the examiner read a
target monosyllabic word aloud and two picture
choices (A and B) were provided. The child would
choose A or B, which shares identical phonemes as
the target. A wrong choice, may contain a confusable
phoneme in any positions: initial consonant, vowel,
final consonant, and lexical tone [18-20]. For
example, two pictures “ลัง ‘box’” and “รัง 
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‘nest’” were provided for the target word “ลั ง 
‘box’”.

‘listen’”}, the second choice has the same rhyme []
with the target.
4. METHOD

3.3. Phoneme identification
This task tests the ability to identify an existence of
corresponding categories at phonological levels [28].
The task involves identifying of phoneme (initial or
final) in the target word if it matches one in either A
or B. The examiner gave three pictures, one target
picture for the matching and the remaining two are
choices. The child had to choose between A or B that
matches in either initial or final consonant with the
target. Figure 1 illustrates the target picture on
the left and the two choices on the right, the task was
to match the corresponding final consonant. The
correct answer is “พัด  ‘folding fan’”.
Figure 1: Example of Thai final Phoneme identification
test. (No orthography was used to avoid an orthography
effect).

พัด
รถ




4.1. Participants

For this present study, there were 15 Thai children in
Grades 14 from an elementary school in Bangkok.
The school is affiliated with a Thai Association,
which encourages and supports potential people with
LD. Among these, 10 children are normallydeveloped (ND) and five children were evaluated and
reported by their teachers to have certain degrees of
LD. All parents of the participants signed a consent
form prior to their participation. All participants
received a short training session before performing
the test. In an extended (future) study, our test sample
will be increased up to 200 children. They will be
screened by specialists using gold standard tests
available in Thailand such as WISC-III [34], KUS-SI
[33], or Test of Nonverbal Intelligence, Fourth
Edition (TONI-4) [38].
4.2. Design and procedure

ล้อ


3.4. Phoneme substitution
Phoneme substitution is the ability to segment and
manipulate sounds [32] by substituting one phoneme
in a word with another phoneme to form a new word.
This task was designed to substitute either initial or
final consonant of the second word with either initial
or final consonant of the first word. The test was
administered by examiner reading the words and the
child giving back an answer. For example, for initial
phoneme substitution task, two words “กั ด []
‘bite’” and “รั ก [] ‘love’” were given. The child
had to substitute // in [] with // in [] and the
result would be “กัก๊ [] ‘waistcoat’”.
3.5. Rhyme detection
Rhyme detection is the ability to analyze spoken
words into sub-syllabic units, rhyme and onset [3].
Two pictures/words were displayed. The child was
asked to indicate the one that shares the same rhyme
with the target word provided by examiner. For
example, target word was “ดัง []‘loud’” and the
choices were between” {“ฟัน [] ‘tooth’” “ฟัง []
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Participants performed all 23 subtests including five
phonological awareness subtests (Table 1). Each
subtest has 15 items and took up to three minutes to
finish. Each one has a full score of 15 points except
Rapid naming task, where the score is calculated by a
ratio of correct responses and time consumption. The
tool started with Rapid naming and followed by
Decoding, Morphological awareness, Phonological
awareness, Mathematics, and Memory. Practice for
each subtest involved one item (not appear in the real
test; provided without feedback) and a set of
instructions. Participants could ask to repeat this until
everything was well understood. Neither correct
answer nor feedback was provided to participants
during the test.
4.3. Statistical analysis

Descriptive statistics (i.e., mean and standard
deviation (SD)) for each main test and subtests of
Phonological awareness were calculated. Two-way
Analysis of Variance (ANOVA) of factor among
condition of participants (ND vs. LD) and each main
test determined the differences in means of individual
group and to explore any significance between ND
and LD in each main test. Our preliminary analysis
did not classify the results in terms of gender, age,
education, and family background.

5. RESULTS
Five phonological awareness subtests along with
other 18 subtests (from the six main tests) were
administered to the participants. Mean and SD of
children's performance in each main test are
illustrated in Fig. 2. Means of score from LD group in
individual main test were slightly lower than those
from the ND group. It is worth noting that the means
from the LD group in Decoding, Morphological
awareness, and Phonological awareness (all related to
language skills) were lower than half of the scores
from ND group. To examine the differences between
groups of ND and LD, two-way ANOVA among
factors: subject-type (ND or LD) and six main tests
was conducted.
Figure 2: Error chart between LD vs. ND groups in six
main tests: Rapid naming (RN), Decoding (DEC),
Morphological awareness (MA), Phonological awareness
(PA), Mathematics (MATH), and Memory (MEM).

0.0024, p<0.05] but between three subtests, only
Phoneme discrimination, Phoneme identification, and
Rhyme detection reached significance [F(4,65) = 0,
p<0.05]. Post-hoc analysis of Phonological
awareness subtests revealed significant difference
only for Phoneme discrimination (p=0.0342). For the
remaining two subtests, there was a clear trend with
larger mean scores in ND than LD group.
Table 2: Mean correct responses (full score=15) in subtests
of Phonological awareness (two subtests were excluded).
Participants
ND
LD
(N=10)
(N=5)
1. Phoneme
discrimination

mean
(SD)

12.4 (1.5)

9.6 (2.6)

2. Phoneme
identification

mean
(SD)

5.0 (1.7)

3.6 (1.1)

3. Rhyme deletion

mean
(SD)

8.0 (2.0)

6.0 (3.0)

6. DISCUSSION AND FUTURE DIRECTIONS

Significant difference between ND and LD groups
was found [F(1,363) = 38.93, p<0.05], while the
effects among the six tests were also significant
[F(5,363) = 11.53, p<0.05]. Before running post-hoc
analysis, we decided to make minor data adjustment
by removing two subtests (Initial phoneme deletion
and Phoneme substitution) under Phonological
awareness, where children’s scores reached zero (the
two subtests would be redesigned). The post-hoc
results showed significance of the top two ranking in
Decoding and Morphological awareness (p<0.05),
followed by Phonological awareness (p=0.6475),
Rapid naming (p=0.7953), Memory (p=0.8757), and
Mathematics (p=0.9340). It suggested that tests that
are language related (as opposed to Mathematics)
were necessary for LD screening.
Independent analysis of Phonological awareness was
performed. Significant difference was found between
groups of ND and LD in the subtests [F(1,65) =

3039

Based on our preliminary findings, Phonological
awareness was proved to be a potentially good
predictor for screening Thai LD children along with
other language related tasks such as Decoding and
Morphological awareness. As the current Initial
phoneme deletion and Phoneme substitution subtests
seemed to be too difficult for Thai elementary school
children, these would need to be redesigned and
further evaluated based on the ability reflected in the
ND group. We speculated that the main confusion in
the Initial phoneme deletion could be attributed to an
orthography effect. According to the Thai writing
system, a word’s initial consonantal alphabet
represents the initial sound as well as lexical tone.
Therefore, when children were asked to delete an
initial sound (and keep the tone intact), it apparently
lead to confusions, some of them seemed to delete
both the initial and the tone, and some failed to
complete the task.
Areas for future directions would include a
development of an Automatic Speech Recognition
(ASR) systems for recognizing closed-domain words
(produced by young children and adults) in all
subtests for an automatic prediction of words in
mobile application.
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ABSTRACT

posed permanent magnet articulography (PMA) [8,
2]. Especially, a new PMA-based device was proposed [9] which captures only tongue tip, and lips
motion, and it has been validated for silent speech
interface usage [9].
In order to optimize the performance of ATS and
utilize articulatory data effectively, it is important
to investigate the performance of individual articulatory flesh point for ATS. This study is beneficial to
both speech science and technology. Scientifically,
speech production is one of the most complex and
rapid motor behaviors and involves a precise coordination of over 100 laryngeal, orofacial and respiratory muscles [10]. Exploring the performance
of articulators in speech synthesis would help people understand the differences among articulators in
speech production [11]. Technologically, this study
will be helpful for applications like ATS and silent
speech recognition (SSR). In addition, this study can
be a reference during articulatory data collection and
processing for ATS application. It could help people
choose flesh point location during EMA data collection, and for image-based articulatory data like ultrasound and MRI, it could be a reference of flesh
points tracking and image feature extraction.
Previous studies [12, 13] explore the performance
of flesh points on articulators in silent speech recognition (SSR) [14] and determined an optimal set of
flesh points (tongue tip, tongue back, upper lip and
lower lip) for SSR. However, speech recognition essentially is a classification process with context information or language model applied. On the other
hand, articulation-to-speech (ATS) synthesis based
on statistical parameters speech synthesis (SPSS)
[15] is a regression procedure which predicts numerical acoustic features from articulatory information.
Compared to SSR, ATS is more sensitive to the articulatory input data. Therefore, the optimal sets of
flesh points of SSR can only be used as a reference
for ATS study rather than a conclusion.
In this study, we investigated the ATS perfor-

Articulation-to-speech (ATS) synthesis has recently
shown the potential for silent speech interfaces
(SSIs). SSIs are devices for assisting the oral communication for individuals who have lost their voice
by mapping their articulatory movement to audible
speech. Electromagnetic Articulograph (EMA) is
one of the current articulator motion tracking technologies in SSI, which captures the movement of
flesh points on articulators. Understanding how well
different individual flesh points contribute to ATS
performance may help optimize the SSI setup. To
our knowledge, this study is the first to explore the
individual flesh point’s contribution to ATS, where
we compared ATS performance using EMA data of
different flesh points combinations with a deep neural network (DNN)-based ATS model. Experimental
results indicated that more flesh points lead to higher
performance generally. However, our perceptionbased evaluation may suggest the unnecessity of
more than one tongue (tip) flesh point for ATS.
Keywords: Articulation-to-speech, deep neural network, silent speech interface.
1. INTRODUCTION
Articulatory-to-speech (ATS) [1, 2, 3, 4] synthesis generates speech from articulatory information
without textual information. Textual and linguistic
analyses of input are not required in ATS, therefore ATS is suitable for a real-time silent speech
interface (SSI). Silent speech interfaces (SSIs) are
systems enabling speech communication when audible acoustic signal is unavailable [5], which have
the potential of recovering speaker’s own voice for
people who are unable to produce speech sounds
but can still articulate. A variety of sensing technologies have been used to capture articulatory
movements including electromagnetic articulography (EMA) [6], ultrasound [7], and recently pro-
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z (up-down) directions; the outputs are acoustic features which are used for synthesizing speech by the
WORLD voice encoder [18].
The input of ATS is 2-dimensional (front-back
and up-down) motion vector of individual sensors attached to the flesh point on articulators
(tongue, lips and jaw) or their different combinations. In addition, both input articulatory frames
and output acoustic feature frames were concatenated with their first and second order of derivatives as the input and output of neural network
models. The predicted acoustic features include:
mel-cepstral coefficients (MCCs) [19], band aperiodicities (BAP)[20], logarithm of fundamental frequencies (log-F0) and voiced/unvoiced (V/UV) label. Accordingly, the objective evaluation of experimental results is the prediction accuracies of
these features, which are mel-coefficient distortion
(MCD), band aperiodicities (BAP) distortion, root
mean square error of fundamental frequencies (F0RMSE), and voiced/unvoiced (V/UV) error rate.

Figure 1: Sensor locations of EMA data in mngu0
(The figure is adapted from [16]).

mances of six flesh points on articulators: tongue
tip (TT), tongue body (TB), tongue dorsum (TD),
upper lip (UL), lower lip (LL) and jaw. The synthesized speech utterances were evaluated objectively
by the prediction accuracies of acoustic features. After that, a subjective testing was conducted to measure the speech intelligibility rate of the conventional TT, TB, UL and LL set and the new TT, UL
and LL flesh point set proposed in [9]. A thorough
discussion was made based on the results.

3.2. Experimental Setup

2. DATASET

The mngu0 dataset provides 1,354 sentences of
speech data with both audio and EMA data. The
whole dataset was separated to training, development and testing set with 1,226 , 63 and 65 sentences
respectively. The DNN used in this study has six
hidden layers with 512 nodes. Learning rate was set
to 0.003, training batch size and number of epoch
were 128 and 25 respectively. We used stochastic
gradient descent (SGD) optimizer for training. The
experimental parameters are shown in table 1.
In this study, firstly we validated each of the six
sensors in DNN-ATS experiment to see their individual performances. After that, they were combined in different sets to explore their performance
when working together with others. For future convenience, we use expressions like [UL, LL, TT, TB,
TD] to denote a flesh point set on the articulatory

The mngu0 dataset is a corpus of articulatory data
of different forms acquired from one male British
English speaker [16]. In this paper, we use the EMA
subset [16] of mngu0 which consists of audio and
EMA data of 1,354 sentences recorded by Carstens
AG500 EMA [17]. The total length of the speech
data is about 67 mins [16].
The raw EMA data of mngu0 dataset tracks 12
sensor coils in 3D space with two angles of rotation
[16]. In this study, we use two-dimensional movement tracks of six sensors (Figure 1): upper lip (UL),
lower lip (LL), lower incisor (JAW), tongue tip (TT),
tongue body (TB), tongue dorsum (TD) extracted
from raw EMA data. The 2D movement includes
vertical and front-back directions. The movement
of head was subtracted from these sensors’ motion
data to obtain head-independent articulator movement. The sampling rate of EMA data is 200Hz. The
audio data was recorded synchronously with EMA
data. The sampling rate of audio data is 16 kHz [16].

Table 1: Experimental setup.
Acoustic Feature
Mel-Cepstral Coefficients (MCCs)
Band Aperiodicities (BAPs)
Fundamental Frequency on log scale (log-f0)

3. METHODS

Voiced/Unvoiced (V/UV) label
Sampling rate
Windows length
Articulatory Feature
articulatory movement (6 sensors)

3.1. Articulation-to-speech Synthesis Using Deep
Neural Network

In this study, we adopted DNN to map acoustic features from articulatory data. The input of ATS includes sensor position vector in y (front-back) and

Common
Frame rate
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187-dim. vectors
(60-dim. vectors) +
∆ + ∆∆ (180-dim.)
(1-dim. vectors) + ∆
+ ∆∆(3-dim.)
(1-dim. vectors) + ∆
+ ∆∆ (3-dim.)
(1-dim.)
16000 Hz
25 ms
36-dim. vectors
(12-dim. vectors) + ∆
+ ∆∆ (36-dim.)
5 ms

MCD (dB)

7.781

7.223 7.205 7.156 7.065

6.714 6.685

BAP (dB)
0.246 0.233 0.226 0.232
0.217 0.21 0.205 0.202
6.357

F0-RMSE (Hz)
12.13 12.26

11.61

12.09

33.04

11.59 11.73 11.31
11.13

V/UV (%)
29.15 30.26 30.27 27.21
26.32 24.34
22.93

Figure 2: Results of Individual Flesh Points and Combination of Lips and Jaw.

flesh points in the square bracket.
Previous studies [12, 13] successfully proved that
[UL, LL, TT, TD] consist an optimal flesh for silent
speech recognition, which even outperformed [UL,
LL, TT, TB, TD] [13]. Therefore, in this study we
validated lips, jaw and lips + jaw combined with all
combinations of TT, TB and TD in DNN-ATS.

from Table 2 to Table 5. In table 2 and table 3,
MCD and BAP strictly follow the trends that [UL,
LL, Jaw] < lips < Jaw, and [TT, TB, TD] < [TT,
TB] < [TT, TD] < [TB, TD]. In table 4 and 5, F0RMSE and V/UV shows similar trends in MCD and
BAP except for [UL, LL, Jaw, TT, TB] outperformed
all six flesh points in both F0-RMSE and V/UV; in
addition [Jaw, TT, TD] outperformed [Jaw, TT, TB]
in F0-RMSE. Since F0 and V/UV have less relationship to articulation, it can be concluded that generally more articulatory flesh points’ movement will
generate better performance in ATS. However, from
table 2 and 3, it also can be observed that all six
points outperform [UL, LL, Jaw, TT, TB] slightly in
MCD and BAP by 0.002 dB and 0.001 dB respectively whereas [UL, LL, Jaw, TT, TB] outperform
all six points in both F0 and V/UV predictions.

4. RESULTS AND DISCUSSION
4.1. Individual Flesh Point in ATS

Figure 2 gives the performance of each individual
flesh point and the combination of jaw and lips. Here
the lower numbers indicate better performance. In
Figure 2, for single flesh points, we can see that
tongue tip (TT) outperform others in MCD and BAP
predictions, LL is the second, whereas upper lip
(UL) and tongue dorsum (TD) perform least helpful
in all evaluations. Except for in F0-RMSE, lower lip
(LL) outperforms other flesh points while jaw is the
second. It is important to note that F0 and V/UV
are less affected by articulation compared to MCD
and BAP. Generally it can be concluded that the performances of six sensors in descending order are:
tongue tip (TT), lower lip (LL), tongue body (TB),
jaw, tongue dorsum (TD), and upper lip (UL).

This finding is different to the optimal flesh point
set found in silent speech recognition(SSR): [UL,
LL, TT, TD] which got rid of TB rather than TD
[13]. As mentioned, SSR essentially is a classification process, whereas ATS in this study is frame
by frame regression. Therefore, ATS is more sensitive to the articulatory data, and ATS would benefit
more from the flesh points which affect speech production more. Based on our result of flesh points
on tongue, the closer a flesh point to TT, the better it will perform. Therefore, TD is less important in ATS than in SSR whereas TB is more important in ATS. Another explanation of this is, based on
our computation on all mngu0 EMA samples, the

4.2. Flesh Point Sets in ATS

The performance of lips, jaw, and lips + jaw combined with tongue sensors (TT, TB, TD) are shown
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Table 6: Word Accuracy (%) by Listeners.
Table 2: MCD (dB) of Flesh Point Sets.

TT + TB + TD
TT + TB
TT + TD
TB + TD

Jaw

Lips

Lips + Jaw

5.644
5.758
5.826
5.933

5.422
5.489
5.556
5.715

5.377
5.379
5.439
5.533

Listener 1
Listener 2
Listener 3
Listener 4
Average

Lips + TT

Lips + TT + TB

94.6
86.9
95.6
88.1
91.3

92.4
93.5
97.1
88.3
92.8

4.3. Subjective Testing
Table 3: BAP (dB) of Flesh Point Sets.

TT + TB + TD
TT + TB
TT + TD
TB + TD

Jaw

Lips

Lips + Jaw

0.182
0.186
0.186
0.192

0.178
0.180
0.180
0.188

0.178
0.179
0.179
0.183

A listening test was conducted by four native American English speakers to evaluate the speech intelligibility of ATS using flesh points combination of [TT,
UL, LL] and [TT, TB, UL, LL] (Table 6), the former
is used in the newly proposed articulatory movement capture device mentioned [9], and the latter is a
popular flesh points set for silent speech recognition
[12, 13, 14]. The average word accuracies of four
listeners are 91.3% for [TT, UL, LL], and 92.8% for
[TT, TB, UL, LL]. Therefore, given the slight advantage of using [TT, TB, UL, LL] flesh point and the
technical difficulties of attaching one more sensor on
tongue dorsum, [TT, UL, LL] might be overall more
suitable for ATS application than [TT, TB, UL, LL].

Table 4: F0-RMSE (Hz) of Flesh Point Sets.

TT + TB + TD
TT + TB
TT + TD
TB + TD

Jaw

Lips

Lips + Jaw

10.860
11.093
10.970
11.184

10.520
10.630
10.862
10.839

10.491
10.431
10.664
10.686

5. CONCLUSIONS
Table 5: V/UV (%) of Flesh Point Sets.

TT + TB + TD
TT + TB
TT + TD
TB + TD

Jaw

Lips

Lips + Jaw

19.117
20.117
20.025
21.444

18.287
18.478
18.885
20.255

17.657
17.640
17.875
19.030

In this study, we first compared individual flesh
points for ATS. The results indicated that tongue
tip and lower lip are the most helpful flesh points.
When combining multiple flesh points, generally
more flesh points generated better results. However, the performance of the flesh point set without tongue dorsum but with all other points is only
slightly worse than using all six points in predicting
MCC and BAP; at the same time it outperforms all
six points in predicting F0 and V/UV. Given this result and the difficulties of attaching one more sensor
on the tongue, the flesh point set: upper lip, lower
lip, jaw, tongue tip, tongue body could be considered
as a helpful sensor set in ATS. In addition, the flesh
point set (tongue tip and lips) used by the newly proposed device has been compared subjectively to the
conventional set. The results suggest that tongue tip
and lips might be more suitable than multiple tongue
(tip) flesh points for ATS.

Euclidian distances between TT and TB, TB and
TD are about 1.76 cm and 1.60 cm respectively.
SSR studies [13] used the MOCHA-TIMIT database
[21]. In MOCHA-TIMIT, TB was 2-3 cm from TT;
TD was 2-3 cm from TB [22]. Therefore the distance between TD and TT in mngu0 is close to distance between TB and TT in MOCHA-TIMIT. Although there are physiological variations between
the subjects, this could be considered as a possible
explanation for the different performance of tongue
flesh points find in SSR and ATS.
Another finding was that the jaw performed better when predicting F0 than predicting MCC and
BAP. A possible explanation of this is that tongue
body back movement may slightly affect vibration
of vocal folds. Jaw movement reflects the movement
of people opening and shutting their mouth, these
movements squeeze and lose the tongue body back
which may affect the vibration of vocal folds. This
may explain why jaw performed better in predicting
F0 than predicting MCD and BAP.
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ABSTRACT

In this study, we explore both the longitudinal
effect of PD on speech prosody of a single nondysarthric speaker and how healthy listeners perceive his speech. To those ends, we performed
monthly measurements of the same PD speaker over
a year.
There are several longitudinal studies focusing
on speech of PD speakers, most of which analysed
recordings collected at two time points with intervals between them ranging from seven months [21]
to 3.7 years [11]. The results demonstrated reduction in pitch variability [21], instability of steady
syllable repetition [19], increased speech rate [11],
deteriorations of quality of voice and articulatory velocity and precision [19]. One study described a longitudinal analysis of speech in a single PD speaker
over an 11-year period (seven years prior to diagnosis of PD, and three years post-diagnosis) based
on archives of national television [9]. Results suggest that changes in f0 variability can be detected as
early as five years prior to diagnosis [9].
We selected the three characteristics which were
most indicative of PD speech and allowed easily
for automatic measurements: f0 , speech rate, and
voice quality. Prosodic changes due to PD has
been reported to have similar patterns in different languages [15, 18, 20], with changes in f0 being most prominent and most studied. Literature
on prosody perception in speech affected by PD is
scarce and usually involves patients already diagnosed with dysarthria. In two papers concerned with
perception of harsh and rough voice of people with
PD, this characterisric was reported among the most
severely affected dimensions [15, 25], whereas the
variable speech rate was not cited among severely
affected characteristics. According to the literature,
it neither noticeably influenced intelligibility, nor
was perceived as affected both in off and on medication states [13, 6, 25].

This contribution describes our research into how
Parkinson’s Disease (PD) impacts the production
and perception of speech. We performed a longitudinal study, making a time series of monthly recordings of the same individual with PD over a year.
To determine if the change in prosody would be
noticeable both on production and perception levels, we performed acoustic analysis of prosodic features and a perceptual experiment with short phrases
taken from the recordings as stimuli. The results of
the acoustic analysis showed a decline in f0 variation towards the end of the time period. The results
of the perceptual experiment demonstrated that listeners rated the later recordings as less healthy relative to the earlier ones. Listeners’ experience with
speech disorders influenced the trend, which was
more pronounced for the experienced listeners compared to the listeners with no prior experience with
speech disorders.
Keywords: Parkinson’s Disease, prosody, speech
perception, expert knowledge
1. INTRODUCTION
Parkinson’s Disease (PD) is a progressive neurological disorder caused by the progressive death of
dopaminergic cells in the brain [12]. Among motor manifestations, such as resting tremor, muscle
rigidity and bradykinesia, PD patients often develop
a speech disorder – hypokinetic dysarthria – resulting from disturbances in muscular control over the
speech mechanism [4]. The most studied and described changes second to PD are f0 deviations commonly referred to as "monopitch" [8, 20, 3], distorted rhythm of speech [21], reduced intensity of
voice or "monoloudness" [8, 20, 3], and a hoarse and
breathy voice quality [23].
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groups: "naïve" listeners with no prior experience
with speech disorders (hereafter the "naïve" group)
and speech therapists and/or students of neurolinguistics with experience in listening to disordered
speech (hereafter the "experienced" group). The
naïve group consisted of 51 people (mean age 27.5,
SD 7.7 years). The experienced group consisted of
10 people (mean age 24.4, SD 1.4 years). All participants reported normal hearing.

To determine if longitudinal changes in speech of
a single PD speaker without diagnosis of dysarthria
would be detectable, we approached the question
from two perspectives: one related to acoustics and
one related to perception. For the former we hypothesised if any acoustic changes are to manifest themselves within the year, monopitch would be one of
them. For the latter, we hypothesised that healthy
listeners would be able to perceive a difference in
the speaker’s voice provided the presence of sufficient acoustic differences along one of the three
aforementioned characteristics. Additionally we expected that listeners trained in speech and language
pathology would be more sensitive to such changes
relative to listeners who lacked this expertise [10].
To test these hypotheses we collected data (2.1),
designed a perception experiment (2.2-2.4), and performed an acoustic analysis (2.5).

2.3. Stimuli

We used fragments of 2-3 seconds taken from the
Dutch and English spontaneous monologues and
reading tasks of five sessions out of 12 (days 0,
107, 204, 286, 411). From each of five sessions we
selected six samples: four fragments from spontaneous monologues (two per language) and two fragments from reading tasks (one per language). The
total amount of stimuli was 30 phrases selected according to three criteria: 1) they should not include
artefacts of stuttering, 2) they should consist of at
least four words, 3) they should be extracted from
declarative statements. To the extent possible, fragments from monologues were extracted from the
first and second half of the recording.

2. METHODS
2.1. Data collection

Speech recordings were obtained from one male native Dutch speaker who is fluent in English, and who
uses both languages daily. At the start of the speech
recordings the participant was 66 years old. He was
diagnosed with PD six years prior to beginning of
the recordings. He has not been diagnosed with hypokinetic dysarthria, but has a history of stuttering.
Recordings consisted of five speech tasks: sustained phonation of the vowel /a/, interview with an
open question, picture and video descriptions (one
of Heaton pictures and Charlie Chaplin clip), and
reading (North Wind and the Sun passage). All tasks
were performed first in English and subsequently
Dutch. The recordings were collected every month
to the extent possible (mean interval is 5.2 weeks,
SD = 2.2) from one to three hours after medication
intake. The recording sessions took place in quiet
rooms at the university with the Zoom H2 recorder
placed at around a 40 cm distance. Though perceptual experiment was conducted with both Dutch and
English stimuli, we only examined the Dutch data
relative to the hypotheses of the current study. The
collection and analysis of the material was approved
by the Medical Ethics Committee of the University
Medical Center Groningen.

2.4. Procedure

Participants completed a rating task in which they
listened to the stimuli in randomised order. Participants were told that they would hear short phrases
and were asked to rate them on a 7 Likert scale
according to their perception of healthiness (from
"very healthy" to "very unhealthy"). The experiment
was built within the OpenSesame program [16]. The
procedure consisted of a short practice session and
the main part. In the practice session, to get participants acquainted with the task they were asked to
rate two stimuli of two different voices: one healthy
and one affected by dysarthria. For the main part
there were 30 stimuli of our PD speaker. The speech
samples were intensity normalized and presented
over headphones (Koss Pro4S.) Participants could
listen to each sample as many times as they wanted.
2.5. Acoustic analyses

To determine whether the acoustic changes are evident within the year on a prosodic level, we performed an acoustic analysis of the selected speech
aspects of Dutch monologues and reading. The definition of all analysed acoustic parameters and details
of their measurements are summarized in Table 1.

2.2. Participants for perceptual experiment

Of thr 61 native Dutch listeners who participated
in the experiment, there were people with different
experience with speech disorders. Based on their
experience and training we divided them into two

3047

Table 1: Overview of parameters and their measurement methods

Parameter
f0 coefficient
of variation
Speech rate
Articulation rate
Jitter
Shimmer
RPDE
HNR

Description
Variance of fundamental frequency ( f0 ), representing
the variations of vibration rate of vocal folds
The number of syllables per total time
The number of syllables produced per speaking time
Frequency perturbation, representing the extent
of variation of the voice range
Amplitude perturbation, representing rough speech
Recurrence period density entropy, representing
the inefficiency of voice frequency control
Harmonics-to noise ratio, representing voice hoarseness.
HNR is defined as the amount of noise in the speech

Method of measurement
RAPT [22]
Praat script [5]
Praat script [5]
Praat [2]
Praat [2]
Algorithm [14]
Praat [2]

measured automatically either with Praat or with the
algorithm implemented in Python (see table 1).

2.5.1. f0 estimation
Pitch tracking was performed with the Talkin’s
RAPT algorithm [22] implemented in the SPTK
toolkit for Python [1]. The RAPT algorithm identifies pitch candidates with the cross-correlation function and then attempts to select the "best fit" at each
frame by dynamic programming [17, 22]. From the
pitch trajectory we calculated the f0 coefficient of
variation (CV, variance corrected for the means) to
estimate the speaker’s f0 range.

3. RESULTS
3.1. Results of acoustic analyses

The analysis of coefficient of variation for f0 showed
a decline from the beginning to the end of the sessions (see Fig.1). A simple linear regression showed
that the decline was significant (F = 205.5, p <
.001), with R2 of 0.14 and slope of −4.41 × 10−5 .
Speech and articulation rate showed no trends, nor
did measurements for RPDE and HNR. Shimmer
did not show any significant decline, while jitter did:
F = 6.2, p < 0.03, with R2 of 0.18 and slope =
−3.58 × 10−5 .

2.5.2. Speech rate
Measuring speech and articulation rates requires annotation of phonemes or syllables. This procedure is
time-consuming and sometimes error-prone. Therefore, we measured speech and articulation rates automatically by detecting syllable nuclei with a Praat
script written by de Jong et al. [5]. In this script,
syllable nuclei correspond to peaks in intensity preceded and followed by dips in intensity, with unvoiced peaks being discarded. The script has been
shown to be informative for the study of French [7]
and Dutch [24] dysarthric speech. We have used a
-20 dB silence threshold, 4 dB dip and 70 ms as a
minimal pause duration. Speech rate was computed
as the number of syllables divided by total time, and
articulation rate as number of syllables divided by
phonation time.

Figure 1: f0 variance based on CV measurements
during the session for all 12 sessions

2.5.3. Voice quality
For voice quality we analyzed recordings of the
sustained phonation, measuring jitter, shimmer, recurrence period density entropy (RPDE [14]) and
harmonics-to-noise ratio (HNR). All of them were
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4. DISCUSSION

3.2. Results of rating patterns

To assess the rating patterns of the participants we
fitted a simple linear regression model in R. A significant regression equation predicting scores depending on time (F = 52.42, p < .001) with R2 of 0.054
and slope coefficient 0.0025. (see Fig.2). To see
if there was a difference between naïve and experienced groups we fitted separate linear models. For
the naïve group, the regression equation showed significance (F = 36.5, p < .001), with R2 of 0.046;
slope coefficient was 0.0023. For the experienced
group, the regression equation was significant as
well (F = 18.4, p < .001), with R2 of 0.11; the slope
coefficient was 0.0039.

In this study we explored the question of longitudinal changes in speech of a single PD speaker without the diagnosis of dysarthria. Acoustic analysis
showed no significant changes for speech or articulation rates, shimmer, RPDE or HNR. Significant
changes were present in f0 and jitter, both of which
are related to pitch, since jitter is periodicity measurement, relying on f0 , and f0 is acoustic component of pitch. Our findings are in line with reported role of monopitch being one of the earlier
symptoms of dysarthria. A prominent dip in variance of f0 CVs appeared unexpectedly. We interviewed our PD participant at every session, and he
did not reported any (life) events that could have affected his speech within the month before the dip.
We have found neither changes in the recording procedure, nor noise conditions that could affect the
data. This leads us to the interpretation that possibly
some physical change did take place affecting the
speech of our participant, that might have triggered
the decline. It is too early to say if it could be an onset of dysarthria. Further research into other aspects
of speech such as vowel and consonant articulation
might shed some light on this hypothesis. General
trajectory of the f0 variation decline is in agreement
with our speaker’s neurologist’s impression of a very
slow but steady decline.

Fitting separate models for subsets of stimuli
from monologue and reading tasks showed that both
groups had steeper slopes for monologues than for
reading (0.0026 vs 0.0015 for the naïve group and
0.0041 vs 0.0034 for the experienced group), the
model for the naïve group rating stimuli from the
reading task did not reach significance (p > 0.05).
Figure 2: Dependence of scores for stimuli on
time for the healthy listeners

The results of the perceptual experiments validated the acoustic analysis, showing the trend of rating later recording as less healthy. Difference in
rating between naïve and experienced groups is an
interesting finding, that will be addressed in future
studies. Trends resulted in linear regression analysis
are significant. The R2 values were expected to be
lower because of the nature of the data: the spread of
the scores is quite broad while we were looking for
the slight changes in the rating patterns. There was
no apparent effect of the dip in variance of f0 CVs
on the rating patterns, suggesting that f0 difference
is not prominent enough to guide raters categorisation on its own.

To determine whether the results of the linear regression were not random, we applied a Monte Carlo
analysis. In the performed simulation we modelled
the probability of different slope outcomes. We randomized the scores 1000 times and calculated the
slope for every randomized set of scores. The resulted distribution of slopes had a mean value of
1.3×10−5 and SD of 0.0003 with a standard error of
1.14 × 10−5 . We also performed a resampling technique based on the jackknife resampling to evaluate
the possibility of bias. We calculated slopes for 1/3
of the data set 1000 times and found that variance
for slopes was extremely small: 2.78 × 10−7 .

We have found longitudinal changes in speech
both by means of acoustic analysis and a perceptual experiment, proving our initial hypotheses on
monopitch and perception. Although our research
targetted one individual with PD, the results indicate a clear benefit to speech production and prosody
tracking in PD speakers, which may help in the early
detection of dysarthria in PD.
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predictable. This is usually the case for speech therapists who can make an intensive use of such lists
of items that they end up memorizing them. One
example in French is the BECD [3], where the intelligibility test is based on a list of only 50 words.
The bias linked to the knowledge of the closed set
of items and, therefore, to the strong influence of
top-down perceptive mechanisms is an overvalued
intelligibility score because the phonemic restoration [17] hides the distortions of speech production.
The solution proposed in this paper is to use pseudowords in a very large quantity in order to neutralize
the learning and restoration effects by the listeners.
In the end, listeners are confronted with an acousticphonetic decoding task referred as DAP (Décodage
Acoustico-Phonétique, i.e.: Acoustic-Phonetic Decoding) followed by a written transcription. The
second proposal is to apply an automatic acousticphonetic decoder, specifically derived from existing
automatic speech processing, which can be considered as a "robotic" listener. Indeed, if results similar to a set of human listeners are obtained, the automatic system will have the advantage to provide
reproducible and deterministic behavior contrary to
human perception.

1. INTRODUCTION

2. MATERIAL AND METHOD

We define the intelligibility by "the degree to which
the speaker’s intended message is recovered by the
listener" [8]. More precisely, we consider that the
intelligibility of a speaker corresponds to the performance by a listener to recognize the words and / or
the sounds of the speech produced by the speaker.
Generally, intelligibility tests are performed with
sentences or words extracted from a restricted list
of items. The limitation of this type of test is the
ability of listeners to restore distorted sequences.
This effect is the stronger as the listeners can have
knowledge of the words used in the test, that these
words are often unambiguous and therefore highly

2.1. Construction and principles of the AcousticPhonetic Decoding test

In addition to health problems, Head and Neck Cancers (HNC) can cause serious speech disorders that
can lead to partial or complete loss of speech intelligibility in some patients. The clinician’s evaluation of the intelligibility level before or after surgical
treatment and / or during the rehabilitation phase is
an important part of the clinical assessment. Perceptive assessment is the most widely used method in
clinical practice to assess the level of intelligibility
of a patient despite the limitations associated with it
such as subjectivity and moderate reproducibility. In
this paper, we propose to overcome these limitations
by associating a specific task of speech production
based on pseudo-words with an automatic speech
processing system, both oriented towards acousticphonetic decoding. Compared to human perception,
the automatic system reaches very high correlation
rates and promising results when applied to a French
speech corpus including 41 healthy speakers and 85
patients suffering from HNC.

For each speaker, a list of 52 items is randomly selected from a dictionary of 89346 pseudo-words.
All the lists contain the same number of consonants and vowels but with different combinations, which makes the lists equivalent but different. The pseudo-words are constructed with the
forms C(C)1V1C(C)2V2 which is conform to French
phonotactic. Vi is a French Vowel, C(C)i is an isolated consonant C or a consonant group CC. These
elements are selected from a list of 18 consonants
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and 16 consonant group of French; 8 different vowels can be selected. Examples of pseudo-words are
stoumo, vurtant, muja, leba, ranto ...

Figure 1: Comparison of 2 phoneme sequences
by the Wagner-Fischer algorithm

2.2. Corpus and perceptual test

The current study is based on the French HNC
speech corpus C2SI [2]. This corpus includes patients suffering from oral cavity or oropharyngeal
cancer and healthy speakers. People were asked to
record different speech production tasks like sustained /a/, read speech, picture description, spontaneous speech, and isolated pseudo-words. All
the patients have undergone a cancer treatment
consisting in surgery and/or radiotherapy and/or
chemotherapy.
In this study, 85 patients and 41 healthy speakers were recorded and produced the 52 required
pseudo-words. All the speech signals were segmented and the stimuli were played back randomly
to 40 French native naive listeners who transcribed
orthographically what they can hear. During this
perceptual test of intelligibility using Perceval Station [1], each stimulus was transcribed by 3 different
listeners. Once the orthographic transcriptions were
collected, the objective was to extract a phonemic
form because the passage through the spelling was
only an intermediate step to access a phonetic representation. The orthographic transcriptions were
phonetized by the LIAPHON algorithm [4] and they
were compared to the expected phonetic forms of the
pseudo-words. Traditionally, for ease of processing,
the result is binary: correct or incorrect. To go beyond this basic evaluation, an analog result is provided here by proposing a kind of distance to the
target.

present in the target sequence. For instance, a final
score of "2" means that there is on average a difference of 2 phonological features by phoneme between the target and the perceived form. Thus, this
approach permits to obtain a score per speaker by averaging the score on the 52 pseudo-words produced
by the speaker and transcribed by the listeners. The
higher the score, the worse the intelligibility. This
score will be denoted "Perceptual DAP-based intelligibility score" in the rest of the paper.
3. AUTOMATIC DAP-BASED
TRANSCRIPTION FOR SPEECH
INTELLIGIBILITY EVALUATION
3.1. Automatic DAP-based transcription

If different approaches based on automatic speech
processing have been proposed in the literature do
deal with the evaluation of the speech intelligibility in the context of speech disorders, [15, 5, 9, 12,
14, 10, 11, 16], they do not respond to our very specific transcription problem. The Automatic Speech
Recognition (ASR) is the most suitable automatic
processing to provide speech transcriptions, especially considering the great progress made over the
last 10 years [13]. Nevertheless, it is well known that
the ASR systems perform very well when acoustic and language models are used together in the
recognition process. Here, the speech transcription
is concerned with isolated pseudo-words, which totally invalidates the use of language models. Similarly, the construction methodology of the set of
pseudo-words leads to a high level of confusion in
the acoustic domain (bravan vs brava), possibly
augmented by the speech impairment. This typical
context invalidates also the application of classical
automatic isolated word recognition systems. Therefore, the automatic transcription task can be simply
reduced in search of the sequence of phonemes as
well as their frontiers present in the given speech

2.3. Acoustic-Phonetic Decoding and Distance measurement

To compare the perceived/transcribed form vs the
expected item, a Wagner-Fischer algorithm is used
that integrates the phenomena of insertion, elision
and substitution of units (Figure 1).
Here, the calculation of Levenshtein distance is
not based on orthographic units but on phonemes
and it is possible to introduce subtle nuances because, for example, we can consider that a confusion
between /a/ and /i/ does not have the same weight as
between /a/ and /ã/ [7]. In a primary step, we have
chosen to set the local distance by counting the number of different phonetic features between two units.
At the end, a cumulative distance between the
transcription and the target is produced, which is
finally normalized by the number of phonemes
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matic semi-constrained acoustic phonetic decoding
is compared with the expected phoneme sequence
composing the pseudo-word. As for the perceptual
evaluation based on the human listeners, the normalized cumulative distance, described in section 2.3
between the automatic transcription and the target
phoneme sequence can be computed. Still here, this
normalized cumulative distance is considered as a
measure of the speaker intelligibility : the higher the
automatic score, the worse the intelligibility.

signal without any information about the sequence
itself and the phoneme segmentation. Depending
on the quality of the speech signal, this acousticphonetic decoding task can be far from trivial and
can lead to different kinds of decoding errors like
phoneme substitutions, deletions, or insertions as
well as phoneme segmentation errors. To limit errors in the specific context of impaired speech concerned by this work, it is proposed to consider the
automatic task of acoustic-phonetic decoding differently and to associate it with two steps as reported
below.
First step : a text-constrained alignment. Given
the production of a pseudo-word by a speaker, the
automatic forced alignment consists in providing
the temporal segmentation of the known phoneme
sequence present in the speech signal. By taking
as input the target pseudo-word, its sequence of
phonemes and the speech signal produced by the
speaker, the automatic processing is based on a decoding of the speech signal, involving the Viterbi
algorithm and statistical Hidden Markov Models
(HMM). Here, each phoneme is represented by
a three-state context-independent HMM, estimated
using the maximum likelihood estimate based on approximately 200 hours French radio recordings [6].
A Maximum A Posteriori (MAP) adaptation at 3
iterations is performed in order to create speakerdependent models. Speech signal parameterization
relies on 12 Perceptual Linear Prediction coefficients plus the energy, plus their delta and delta-delta
coefficients.
Second step : a semi-constrained acousticphonetic decoding.
Given the phoneme segmentation obtained in the
first step, the goal of this second step is to reconsider the phoneme labels and to search for the
most appropriate ones among a set of 36 French
phones, keeping the segment frontiers fixed (denoted as semi-constrained acoustic-phonetic decoding). In this manner, each speech segment available in the phoneme segmentation is confronted
with the 36 three-state context-independent HMM
implied in the previous step. The comparison of
the log-likelihood measures computed between a
given speech segment and these 37 acoustic models leads to a phoneme ranking. Considering all the
speech segments associated with the production of
a pseudo-words, a new sequence of phones is then
provided.

4. RESULTS AND DISCUSSIONS
The purpose of these experiments is to evaluate
the effectiveness of the automatic DAP-based
transcription for the speech intelligibility evaluation
compared with the perceptual evaluation. In this
way, the normalized cumulative distances were
computed for the 52 pseudo-words produced by the
85 patients and the 41 healthy speakers included in
the HNC corpus (6478 distances). They were then
averaged to provide an automatic score of intelligibility per speaker (126 scores). Next subsections
analyze the relevance of these automatic scores.
The scatter plot and Linear Regression (LR) lines,
including equation and determination coefficient
R2 , are provided to support this analysis. For the
perceptual evaluation, it is important to remember
that 3 different normalized cumulative distances
were computed per pseudo-word (one per listener)
against only 1 distance for the automatic evaluation.
Depending on the required analysis, the mean,
minimum, maximum or median values could be
used for the perceptual scores.
Automatic vs. perceptual DAP-based scores
of intelligibility
In figure 2, scores of intelligibility - averaged
normalized cumulative distances over the 52
pseudo-words per speaker (section 2.3) - from the
automatic and perceptual DAP-based approach
(the mean value is used here) are compared. The
observation of the scatter plot shows a quite relevant
correlation between both sets of scores, with a
determination coefficient R2 =0.54, and, therefore, a
correlation rate r=0.735. It is interesting to notice
that LR lines are extremely close, illustrating the
behavior of up to 50% of the automatic scores
(R2 =0.54) and a factor of either 0.6 (origin-forced
LR) or 0.7 (free LR) between acoustic and perceptual DAP-based scores. From these results, the
DAP-based automatic evaluation tends to be more
"severe" than the perceptual evaluation (yielding
higher scores), but also more confused. Neverthe-

3.2. Automatic speech intelligibility evaluation

Given the speech production of a pseudo-word,
the phoneme sequence resulting from the auto-
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automatic scores. These results raise several questions : (1) is the automatic system more sensitive
to severity than human perception, which would
further disrupt its acoustic-phonetic decoding? (2)
no difference is observed for the human perception
between intelligibility and severity in terms of correlation rates whereas more variation is underlined
in the global assessment between both criteria in
[2]. Could it mean that we have reached the ceiling
that human perception based on acoustico-phonetic
decoding can achieve in terms of accuracy of the
evaluation ?

Figure 2: Comparison between the automatic and
perceptual based-DAP evaluation. The scatter plot
is coupled with two kinds of linear regressions
(LR) : forced-origin LR (dotted line) and free LR
(plain line), associated with their equation and determination coefficient R2 .

Table 1: Preliminary analysis of the set of pseudowords-based automatic scores compared with the
set of perceptual scores. Minimum (min) and
maximum (max) statistics are applied considering
the perceptual scores of the 3 listeners.

less, a preliminary analysis of automatic scores
obtained at the individual pseudo-words, provided
in table 1, shows that for 20% of pseudo-words,
the automatic system reaches the minimum scores
compared with the 3 perceptual scores of the listeners - the automatic system can be considered as
the best "listener" compared with the 3 human ones.
For 50% of pseudo-words, the automatic scores are
less than the maximum of the 3 perceptual scores of
the listeners for the pseudo-words concerned - the
automatic system performs better than the "worst"
listener. Finally, a difference value between the automatic and maximum perceptual scores over the 3
listeners less than 0.5 is considered, which concerns
64% of pseudo-words. This represents a confusion
of 2 or less acoustic traits per pseudo-word carried
out by the system, which could be rather acceptable
according to the application context.

Statistics type
Nb pseudo-words-based scores
Nb auto. scores <= min(perceptual scores)
Nb automatic scores <= max(perceptual scores)
diff(auto. scores, max(percept. scores) <= 0.5

values
6477
1280
3242
4161

5. CONCLUSIONS AND PERSPECTIVES
The goal of this paper is to present an original approach for the clinical evaluation of speech intelligibility, based on a typical generation of pseudowords for the speech production and their acousticphonetic decoding by an automatic speech processing for the evaluation step. Applied to a corpus of
patients suffering from Head and Neck Cancers, this
original approach could be easily generalized to the
evaluation of any speech disorders like dysarthria
for instance. Experimental results underline the potentiality of such an automatic approach (for 50%
of pseudo-words considered in this study, the automatic system performs better than the "worst"
human listener), for which the objectivity, the reproducibility as well as the deterministic behavior
are undeniable faced to the human perception. A
thorough analysis of the behavior of the automatic
system according to the different phonetic classes
present in the list of pseudo-words will be the next
step of our future work. Indeed, it will be very relevant to observe whether certain phonetic contexts
facilitate or not the automatic or perceptual measurement of intelligibility according to the degree of
speech disorders observed in the patient. This analysis should make it possible to answer both questions
raised when comparing the evaluation based on DAP
with the overall assessment of the degree of intelligibility and severity.

DAP-based evaluation vs human experts
Here, both automatic and perceptual DAP-based
evaluation (scores per speaker) are compared with a
more global assessment of the degree of intelligibility as well as of of speech disorder severity, carried
out by an expert jury composed of 6 clinicians and
speech therapists. This assessment was made on
the task of the picture description (also available in
the C2SI corpus[2]), following a 0-10 point scale (0
standing for a low intelligibility and severity). An
average of 7 for severity and 8.3 for intelligibility is
reached for the set of 126 speakers.
It is observed correlation rates of -0.84 vs -0.71
between the degree of intelligibility and DAP-based
perceptual vs automatic scores and correlation rates
of -0.85 vs -0.76 between the degree of speech
disorder severity and DAP-based perceptual vs
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ABSTRACT
Speaker variability has been found to affect
speech perception and spoken word recognition task
performance in people with normal hearing. In this
study, we tested Mandarin Chinese spoken word
recognition in people with mild to moderate hearing
loss. Five participants listened to pairs of disyllabic
Chinese such as 国王–皇后 king–queen, which varied
in semantic relationship and speaker identity, and
made lexical decisions on the second item in a pair.
With these limited number of clinical cases, we found
evidence for semantic priming, although the effect of
speaker variability on word recognition task was not
observed. This result corroborated with prior auditory
priming studies with normal hearing listeners that
found no evidence of speaker variability influencing
the deeper level of processing, such as lexical
semantics.
Keywords: speaker variability, spoken word
recognition, tone language, short-term priming.
1. INTRODUCTION
Speaker variability refers to variation in acoustic
stimuli incurred by changes in talker identity. Since
no two people have exactly the same vocal tract,
speaker variability is an integral aspect in natural
speech communication. It is known to provide
indexical information about the speaker’s
background [1]. Spoken words are arguably the
smallest meaningful unit in speech communication
and speaker variability has been found to affect
spoken word recognition performance in various
laboratory tasks, e.g. [5, 10]. These tasks typically
involve participants listening to speech stimuli
produced by more than one speaker and making
judgement on lexical form and/or meaning, reflecting
two different levels of processing, i.e., phonetics and
semantics.
In a landmark study, Andruski, Blumstein and
Burton [4], using short-term semantic priming, found
that sub-phonemic variation in the acoustic stimuli
can affect word recognition performance or lexical
access, leading to the question whether speaker
variability can equally influence spoken word
recognition. Limited evidence has been found with
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speaker variability influencing lexical semantics,
although the priming paradigm has yielded some
evidence of speaker variability negatively affecting
processing of spoken word form [6, 7, 8].
A central theme from these studies revolves
around the representation of word form and meaning
in the mental lexicon and to what extent it is episodic
such that acoustic variability may influence spoken
word recognition performance. While listeners seem
to be more prone to sub-phonemic, such as voice
onset time (VOT), variability during spoken word
recognition, the majority of the evidence was based
on people with normal hearing from a non-tone
language background.
In this study, we report an experiment involving
people with mild to moderate sensorineural hearing
loss from a tone language background to explore how
speaker variability might affect this clinical
population with Mandarin Chinese as their native
tongue.
2. METHOD
Following prior studies investigating word
processing in real time, the experiment presented here
uses the short-term semantic priming paradigm, in
which participants listen to pairs of stimuli and make
lexical decisions on the second item (“target”) of a
pair. The first item of a pair is considered “prime”.
There is an inter-stimulus interval of 50 ms between
prime and target. Some primes are semantically
associated with the targets and the same targets are
also paired with semantically unrelated primes to
allow for the measurement of priming in reaction time
difference. Such paradigm has been used in visual
word recognition of Chinese characters, e.g. [12], to
suggest that lexical meaning is activated as much and
early as phonological form in Mandarin. Clinically, it
has not been widely adopted to test word recognition.
2.1. Materials

The speech materials were Chinese disyllabic words
and nonword items. All stimuli are disyllabic words
because most modern Chinese words are disyllabic
[3, 4]. The average frequency of occurrence for the
semantically associated primes of targets was 82.25
counts per million; the average frequency of

occurrence for the corresponding unrelated primes
was 83.46 counts per million, based on a speech
corpus on Mandarin Chinese [2]. These two
frequency counts are not significantly different from
each other statistically, p = .962.
In constructing the Mandarin Chinese disyllabic
stimuli, all phonemes and tone pairs were included,
following the phonological representations specified
in [11]. The prime and target items were controlled
not only for semantic associations, but also with
respect to phonological representations. There is no
overlap between each type of prime word and its
target in terms of initials, finals, and tone pairings, the
three necessary components to specify a Chinese
syllable. An example of semantically related prime,
unrelated prime, and real-word target are: 国王 king,
事实 fact, 皇后 queen. A total of 52 pairs of prime and
target were created, with non-word target fillers. The
complete list is given in Appendix 1.
Two male native speakers of Mandarin Chinese
were recruited to record the stimuli in a soundattenuated booth, using an Audio-technica AT825
microphone connected to a personal computer (Dell
OptiPlex 980) through a USBPre microphone
interface. The recordings were sampled using the
Brown Lab Interactive Speech System (BLISS) [9] at
22,050 Hz with 14-bit quantization. Stimulus items
were then identified from the waveform display using
Mev, the waveform editor of BLISS, and saved as
individual sound files. BLISS was used to normalize
the peak amplitude of all the individual audio files.
The average F0 and duration were measured to
evaluate their acoustic differences. The F0 between
the two speakers was not significantly different, t(51)
= .42, p = .675. The duration of target words was
significantly different between the two speakers, t(51)
= 8.32, p < .001.
2.2. Participants and procedure

Five females with sensorineural hearing loss
participated in the experiment. Their age ranged from
24 to 62 years old. They all speak Mandarin Chinese
as their native language with no history of other
communicative or cognitive disorders. Fig. 1 shows
the audiograms for participant XH-2, a mild hearing
loss case and XH-3, a moderate hearing loss case. The
complete hearing screening result for all participants
is given in Appendix 2.
The participants were instructed in Mandarin
Chinese to listen to pairs of items delivered through a
headset and then make decisions on the second item.
If they believed that the second item was a real
Chinese word, then they should press the Chinese
labelled button WORD on a computer keyboard.
Otherwise, they should press the NONWORD label
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in Chinese characters on the same keyboard. The
participants were tested individually in a quiet room,
wearing a pair of headphones (Sennheiser HD 380
Pro) at their comfortable volume adjusted before each
experiment session started.
Figure 1: The audiograms for participants XH-2
(upper) and XH-3 (lower).

All participants received all possible combinations
of the semantic and speaker relations: (1) related,
same speaker; (2) unrelated, same speaker; (3)
related, different speaker, and (4) unrelated, different
speaker. Therefore, semantic relation (related vs.
unrelated) and speaker relation (same vs. different)
are two within-subjects independent variables.
Participants were given ten pairs of practice items to
get familiarized with the task and were told to respond
as soon as possible without sacrificing accuracy. The
reaction time and lexical decision accuracy were
measured as dependent variables. The entire
experiment was run on a Dell Latitude 5480 laptop
computer equipped with BLISS.
2.3. Results

The reaction time and accuracy data were acquired by
BLISS and analysed in SPSS 17.0. Table 1 shows the
average response accuracy and the average reaction
time data across four conditions. Analysis of
Variance (ANOVA) was performed on the arcsine
transformed accuracy data. The overall accuracy of
the lexical decision task was 87% based on real-word
targets. The main effect of word relation was

significant [F(1, 4) = 8.38, p = .044, η2p = .68]. No
other effects were statistically significant.
The overall reaction time was 1147 ms. The main
effect of word relation was significant [F(1, 4) = 8.08,
p = .047, η2p = .67]. No other effects were statistically
significant.

Nevertheless, the robust priming effect from these
clinical participants suggests that the psycholinguistic
paradigm of auditory priming may be extended to
clinical populations with sensorineural hearing loss.

Table 1: Mean reaction time (RT, in ms with SD)
and percentage correct (PC, in % with SD) of the
lexical decision task responses, as a function of
speaker relation (SR) and word relation (WR).

Future work may compare normal and hearingimpaired populations using the priming paradigm to
explore how voice processing and word recognition
interacts in a tone language, where listeners perceive
fundamental frequency contours to mark meaningful
contrasts.
Recognizing the need for more phonetically
balanced and psychometrically reliable and valid
instruments in the clinical setting, the current word
list warrants more clinical validation.

SR
Same
Different
WR Related Unrelated Related Unrelated
1070
1240
1058
1221
RT
(289)
(317)
(205)
(291)
PC 98 (3)
88 (12)
92 (9)
71 (34)

4. FUTURE DIRECTION

5. ACKNOWLEDGEMENT

3. DISCUSSION
A semantic priming experiment was conducted on a
group of five clinical hearing-loss participants, in
order to explore the effect of talker variability on
processing lexical semantics, from a tone language
perspective and in people with hearing loss. On
average, responses to real word targets preceded by
related primes were 16% more accurate and 166 ms
faster than those preceded by unrelated primes, as
demonstrated by the significant main effect of word
relation. However, because neither the main effect of
speaker relation nor the interaction between the two
independent variables were statistically significant,
speaker variability was not found to influence the
semantic processing of the Mandarin spoken words.
This corroborates with the results from [8], where
talker variability was not observed to influence the
magnitude of semantic priming in normal hearing
participants whose native language was not tonal. The
results from this study also are consistent with [6],
where talker variability, as well as VOT variability,
was not found to influence processing of lexical
semantics.
The implication of this result to the lexical
activation process is twofold. In light of [6, 8], the
evidence that speaker variability does not impact
lexical semantics could suggest that the lexicon is
devoid of surface variability as the level of processing
deepens, for both tone and non-tone language users.
On the other hand, results from this study could also
be interpreted as that people with hearing loss are not
as sensitive to voice differences as to word
differences.
This study is limited in that only five clinical cases
were involved, which restricted the power of the
analysis and restricted a strong generalization.
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敌人 enemy

房间 room

朋友 friend

面包 bread

电梯 elevator

牛奶 milk

太阳 sun

汽车 car

月亮 moon

树木 tree

记者 reporter

森林 forest

困难 difficult

长城 the Great Wall

容易 easy

失败 failure

邮票 stamp

成功 success

文字 character

天堂 heaven

语言 language

日本 Japan

意思 meaning

中国 China

握手 handshake

钢琴 piano

你好 hello

球队 team

房产 estate

教练 coach

黑夜 night

护照 passport

白天 day

Appendix 1. Disyllabic Mandarin word stimuli used in the
experiment, listed in simplified Chinese characters and
corresponding English translation.
Related Prime
Unrelated Prime
Target

北京 Beijing

决定 decision

上海 Shanghai

富有 rich

演员 actor

贫穷 poor

报纸 newspaper

季节 season

新闻 news

鼓励 encourage

城市 city

加油 root for

愉快 happy

法官 judge

悲伤 sad

乞丐 beggar

啤酒 beer

富翁 the rich

锋利 sharp

跳舞 dance

迟钝 obtuse

警察 police

长度 length

小偷 thief

塑料 plastic

年纪 age

回收 recycle

声音 sound

礼物 gift

画面 image

乌鸦 crow

花费 cost

喜鹊 magpie

池塘 pond

公路 highway

荷花 lotus

机智 witty

铃铛 bell

勇敢 brave

画报 pictorial

平稳 steady

杂志 magazine

地点 place

花生 peanut

人物 person

安静 quiet

律师 lawyer

活泼 lively

信息 info

西瓜 watermelon

来源 source

公司 company

频道 channel

企业 factory

钓鱼 fishing

生气 angry

划船 boating

饼干 cookie

消息 message

糕点 pastry

马路 road

特点 feature

逛街 stroll

空调 AC

红色 red

冷气 cool air

发现 discover

人口 population

察觉 detect

问题 problem

足球 soccer

答案 answer

蝴蝶 butterfly

头盔 helmet

蜻蜓 dragonfly

冠军 champion

数学 math

奖励 reward

睡觉 sleep

交代 tell

休息 rest

锻炼 exercise

天使 angel

游泳 swim

皮球 ball

厨房 kitchen

玩耍 play

食堂 cafeteria

手机 cell phone

宿舍 dorm

飞机 aircraft

父亲 father

大炮 cannon

电池 battery

世界 world

能量 energy

老鹰 eagle

组合 combo

小鸡 chicks

公主 princess

衬衫 shirt

王子 prince

再见 goodbye

科学 science

道别 farewell

蔬菜 vegetable

音乐 music

水果 fruit

颜色 color

管理 manage

图画 picture

现代 modern

帮忙 help

古老 ancient

同学 classmate

公园 park

老师 teacher

国王 king

事实 fact

皇后 queen

战争 war

草原 grassland

和平 peace

Appendix 2. Hearing screening results for the participants
in this study.
Participant
Code

Age

XH-1

62

XH-2

XH-3

XH-4

XH-5

Pure-tone threshold (dB HL)
250
Hz

500
Hz

1000
Hz

2000
Hz

4000
Hz

8000
Hz

L

25

20

20

25

20

40

R

60

40

35

25

35

40

L

30

35

35

35

35

35

R

25

30

35

30

30

35

L

20

25

30

40

40

55

R

25

25

30

50

45

70

L

15

30

45

40

15

20

R

15

25

40

45

15

20

L

45

45

55

45

25

50

R

40

45

50

45

30

50

52

53

24

62

L = left; R = right.
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ABSTRACT
Stuttering is characterized by respiratory, laryngeal
and articulatory peculiarities, especially when the tobe-produced speech is complex. This study examined
the glottal behaviour in people who stutter (PWS)
during production of simple bilabial (/p/, /b/, /m/) and
complex (/pR/, /bR/) onsets. It was hypothesized that
the glottal behavior of PWS presented idiosyncrasies,
compared to people who do not stutter (PNS) and that
these were modulated by the complexity of the onset.
Producing semi-spontaneous speech with embedded
target words, acoustic and EGG data were collected
from 4 PWS and 4 PNS. From the perceptually fluent
productions, duration of bilabial occlusion, intensity,
open quotient (OQ), difference in intensity, pitch and
laryngeal OQ between occlusion-phase and following
vowel were measured.
No significant differences in glottal behavior were
found between PWS and PNS. However, compared to
PNS, PWS devoiced voiced consonants significantly
more, which motivates a larger-scale investigation
with more participants.
Keywords:
stuttering, EGG, voicing, articulatory complexity
1. INTRODUCTION
Stuttering is a movement disorder with deficiencies
in sensorimotor processes [4], affecting, among
others, speech movements [9,13]. These deficiencies
in processing result in frequent repetition or
prolongation of speech segments , and hesitations
that disrupt the rhythmic flow of speech [12]. One of
the factors that sets apart the speech of PWS is
laryngeal behavior [1–3,6,10,18]. Compared to PNS,
evidence shows that PWS demonstrate a steeper
decrease in vocal fold contact, a less stable or
prolonged open phase during dysfluent speech and a
more gradual glottal onset after producing dysfluent
speech [6]. In addition, studies reveal that PWS
display higher activity of the laryngeal muscles
during disfluent episodes compared to fluent
episodes [10,21]. During fluent productions,
however, glottal behavior appears to be similar in
PWS and PNS [21].
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In addition to these laryngeal idiosyncrasies,
several studies have revealed that coordination
between respiratory, laryngeal and articulatory
gestures and its complexity affects speech
production in PWS [6,9,10,11,14,17, 20]. Huinck et
al. [11], for example, revealed that PWS showed
longer reaction times when producing homorganic
clusters, involving the same articulator, compared to
heterorganic clusters, in which the consonant
productions involved different articulators.
Especially across word boundaries, higher reaction
times were measured. The authors hypothesized that
two consonants sharing the same place of
articulation require more initiation time or planning
than clusters involving different places of
articulation. Byrd et al. [8], however, did not find an
effect of phonetic complexity on response latency.
These studies investigated possible differences in
response latencies of the speech of PWS and PNS
related to phonetic complexity. To the author’s
knowledge, not many studies examined how
complexity of onset (clusters) affects physiological
characteristics of the speech of PWS. Consequently,
this exploratory study investigates the potential
differences in laryngeal and articulatory behavior
between PWS and PNS in relation to complexity of
onsets further. Onset complexity in the present study
is defined in terms of production differences of a
singleton consonant onset (easier) versus production
of an onset consonant cluster (more complex). Based
on the hypothesis that PWS experience more
difficulties in planning complex speech, it is
expected that glottal and articulatory behavior of
PWS demonstrate idiosyncrasies and that these
differences are related to the complexity of onsets.
2. METHODS
2.1. Participants

The participants (age 20 to 46) consisted of 4 adult
speakers who stuttered since childhood (PWS; 3 M,
1 F), and 4 typical (non-stuttering) speakers (PNS; 2
M, 2 F). The PWS were all diagnosed with
developmental stuttering and had received some
form of speech therapy in the past 3 to 5 years. The
participants were all monolingual speakers of
French. The study was approved by CERNI (Comité

d'éthique pour les recherches non-interventionnelles). No information about severity of stuttering
or length and type of therapy was collected in a
systematic manner.

2.3. Data collection and analysis

2.2. Stimuli and data collection

The complexity of the onset was manipulated, using
singleton consonant onsets and consonant clusters.
In addition, a voiced / voiceless distinction of the
onset consonant added an extra level of complexity.
Target words consisted of CVCVCV or CCVCVCV
syllables of which the first syllable started with /b/
(e.g., “baluchon”), /p/ (e.g., “panama”), /m/ (e.g.,
“minibus”), /bR/ (e.g., “brocanteur”), or /pR/ (e.g.,
“privation”) followed by the vowel /o/, /a/, or /i/. All
the words were male gender, resulting in a preceding
/e/ for all the target onsets. The complete set of 30
CVCVCV/ CCVCVCV words with their frequency
of occurrence [16] is listed in table 1.
Table 1: CVCVCV target words (between brackets, the
frequency of the word (<5 very rare; <10 rare; >20 frequent;
> very frequent) is reported. the first number is the frequency
obtained from movies; the second value indicates frequency
based on books (frequency of occurrence per million)). Bold
words indicate high frequency words.

/p/

/pR
/
/b/

/bR
/
/m/

/a/
Paradis
(33.23/28.04)
Panama
(0.15/1.22)
Praticien
(0.3/1.35)
Praline
(0.41/0.47)
Bananier
(0.18/0.61)
Baluchon
(0.87/1.96)
Brasero
(0.02/1.15)
Braconnier
(0.48/2.03)
Macaron
(0.12/0.61)
Maquillage
(11.36/11.08)

/i/
Pissenlit
(0.68/1.28)
Piranha
(0.26/0)
Prisonnier
(16.97/11.69)
Professeur
(90.02/49.53)
Bikini
(2.34/1.49)
Bijouterier
(0/0)
Bricoleur
(0.52/0.27)
Britannique
(0.25/0.88)
Mirabelle
(0/0.74)
Minibus
(1.99/0.54)

Vocal fold vibration was recorded with a twochannel Electro-Glottograph (EG2 Glottal
Enterprise), which measures the degree of contact
between vocal folds [7]. Electrodes were placed on
two sides of the thyroid cartilage. The signal was
high pass filtered with a cut-off frequency of 40 Hz,
digitized with a sampling rate of 44.1 Khz. The
audio signal was recorded simultaneously using a
pressure microphone (Bruel and Kjær 4944-A),
placed 30 cm from the lips. The sound intensity
level was calibrated using a measuring amplifier
(Nexus, Bruel & Kjaer).
The acoustic data were manually annotated with
PRAAT [5]. Observing the spectrogram, the start
and end of the target words, the onset syllables (CV
and CCV) and the occlusion phases of the bilabial
stops were annotated. Using scripts developed under
Matlab, the following information was extracted
from the audio and EGG signals:
For voiced and voiceless onsets:
1. duration of occlusion phase.
The following values were calculated only for the
voiced bilabial stops:
1. Mean sound intensity level during the occlusion
phase.
2. Mean glottal Open Quotient (OQ), measured from
the closing and opening peaks of the derivative
EGG signal [7], during the occlusion phase.
3. Mean difference in pitch, expressed in semitones
to eliminate gender differences between the
groups (see equation (1)), during occlusion phase
and the following vowel.

/o/
Potager
(1.93/3.04)
Policier
(5.43/2.97)
Promoteur
(1.12/0.81)
Privation
(0.7/1.49)
Bolero
(0:0)
Bolognaise
(0.08/0.14)
Brocanteur
(0.28/3.58)
Brocoli
(0.69/0)
Mocassin
(0.06/0.07)
Mobilier
(0.66/5.27)

(1) 12 ∗ log2 *

𝐹0𝑣𝑜𝑤𝑒𝑙
5
𝐹0𝑏𝑖𝑙𝑎𝑏𝑖𝑎𝑙

4. Mean difference in Open Quotient between the
occlusion phase and the vowel.
5. Mean difference in intensity between the
occlusion phase and the following vowel.

Speech productions were collected in a semi
spontaneous speech task. The target words were
written on flashcards and shuffled. 3 piles were
constructed and from these, 3 cards were shown by
the experimenter. The participant was instructed to
formulate a sentence as quickly as possible, using
these three target words. Each combination of words
was offered 5 times.
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Only the perceptually fluent productions were
selected for analysis. Because the vowel condition
was not of interest for the current study, data are
collapsed across vowel. Table 1 shows that only 2
words in the voiceless onset category were high
frequency words; the voiced onset words were all
low frequent. Consequently, because 5 of the 6
variables involved the voiced category, this factor is
not discussed any further.
The independent variable, relevant for the current
study, was “type of onset”, consisting of 5 levels:
/p/, /b/, /m/, /pR/, /bR/. 6 Repeated measures
ANOVA’s, with the measures listed above as

dependent variables, Group (PWS and PNS) as
“between subjects”, and “type of onset” (/p/, /b/, /m/,
/bR/, /pR/) as “within subject” variables were run
with the statistical package NCSS [15]. The TukeyKramer Multiple-Comparison Test was used for
PostHoc analyses.

5.26). This is consistent with the fact that some
sound likely is radiated at the nostrils during the
occlusion.
Figure 2: vertical axis: Voice intensity during the occlusion
phase (in dB); horizontal axis: different types of onsets for PWS
(light) and PNS (dark grey).

3. RESULTS
Before reporting the physiological data, the data
were scanned for cases in which no F0 and OQ
during occlusion of voiced stop consonants could be
determined, meaning that the speaker devoiced these
onset consonants. It was observed that PWS
devoiced voiced onsets (30 cases (7%); 9 /b/, 19
/bR/, 2 /m/) more often than PNS (5 syllable onsets
(1 %); 3 /bR/, 2 /m/).
3.1. Duration of occlusion phase

Inspecting figure 1, it can be observed that the
durational values for PWS showed larger outliers
and thus displays more excessive variation in
duration. In addition, all the durational values for
PNS (/p/: M = 0.08, /pR/: M = 0.07, /b/: M = 0.07,
/bR/: M = 0.06, /m/: M = 0.08) are slightly smaller
than the values for PWS (/p/: M = 0.09; /pR/: M =
0.08; /b/: M = 0.08; /bR/: M = 0.07; /m/: M = 0.09).
However, the repeated measures ANOVA did not
confirm this observation as statistically significant.
The duration during occlusion phase differed
significantly, however, depending on “type of onset”
(F(4,24) = 3.03, p = 0.04). Posthoc analyses revealed
that /p/ (M= 0.08, SD = 0.03) was significantly
longer than /bR/ (M = 0.06, SD = 0.03).

3.3. OQ during occlusion

Again, inspecting the plots in figure 3, all the OQ
values during occlusion phase for PWS (/b/: M =
0.69; /bR/: M = 0.67; /mr/: M = 0.68) were slightly
higher than the values for PNS (/b/: M = 0.68; /br/:
M = 0.64; /mr/: M = 0.65), especially for /bR/ and
/m/. This observed difference in OQ between PWS
and PNS, however, did not show up as statistically
significant. In addition, “type of onset” did not show
any differences in OQ.
Figure 3: vertical axis: Open Quotient during the occlusion
phase; horizontal axis: different types of onsets for PWS (light)
and PNS (dark grey).

Figure 1: vertical axis: duration of occlusion phase (in seconds);
horizontal axis: different types of onsets for PWS (light) and
PNS (dark grey).

3.4. Inter-segmental difference in pitch

3.2. Sound intensity during bilabial occlusion

PWS did not differ from PNS regarding intensity of
the voiced occlusion phase.
The “type of onset” was highly significant (F(2,
12) = 72.23, p = 0.00). The intensity during /m/ (M=
73.62, SD = 3.65) differed significantly from /b/
(M=67.54, SD = 5.26) and /bR/ (M = 67.16, SD =
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Inspecting figure 4, it can be inferred that the mean
pitch difference from the occlusion phase to the
following vowel is smaller for PWS (/b/: M =3.62;
/br/: M = 3.55; /m/: M =1.65) than the values for
PNS (/b/: M =4.25; /br/: M =4.93; /m/: M = 3.17).
This trend did not reach significance.
For both groups, the difference in semitones is
smaller (F(2,12) =45.67, P = 0.00) during /m/ (M =
2.44, SD= 2.06) than during /b/ (M =3.96, SD =
1.96) and /bR/ (M=4.32, SD = 2.34).

Figure 4: vertical axis: difference in pitch during vowel and
occlusion phase (in semitones); horizontal axis: different types
of onsets for PWS (light) and PNS (dark grey).

was /m/ (M = 1.83, SD = 3.60). In addition, a
significant interaction was revealed (F(2,12) = 4.28,
p =0.04): when the first syllable started with /bR/,
PNS (M=9.53, SD = 5.67) showed larger differences
in intensity than PWS (M= 6.70, SD = 5.10).
4. DISCUSSION

3.5. Intersegmental difference in OQ

PWS and PNS behaved similarly regarding the
difference in OQ measure. In addition, no significant
differences were revealed for “type of onset” (see
figure 5).
Figure 5: vertical axis: difference in OQ during vowel and
occlusion phase; horizontal axis: different types of onsets for
PWS (light) and PNS (dark grey).

3.6. Inter-segmental difference in sound intensity

PWS and PNS displayed similar values regarding
the difference in intensity during vowel and
occlusion phase (see figure 6).
Figure 6: vertical axis: difference in voice Intensity (in dB)
during vowel and occlusion phase; horizontal axis: different
types of onsets for PWS (light) and PNS (dark grey).

The current study hypothesized that complexity of
onsets affected glottal behavior in PWS. Compared
to the voiced productions of PNS, the study revealed
that frequently no F0 and OQ could be detected
during /b/, /m/ and /bR/ productions of PWS. This
finding potentially indicates a difficulty realizing
VOT efficiently. Especially during the complex
onset /bR/ no voicing was detected frequently,
suggesting that the articulatory complexity of onsets
affects glottal behavior in PWS [11,14]. However,
the glottal measures in terms of OQ, did not show
idiosyncrasies in behavior of PWS.
One explanation for the lack of an effect is the small
number of speakers in our study. Consequently,
more data need to be collected to substantiate the
observations. Another possibility is that effects of
phonetic complexity that difficulties reveal
themselves when temporal factors are considered.
Weiner [21] mentioned that PWS showed
deficiencies in the transitions towards glottal events,
which suggests that not the discrete events are
important markers when describing speech of PWS.
Consequently, future studies should include
measurements that take temporal factors into
account.
The only significant effect found in the current
study concerned the difference in intensity between
occlusion phase and the following vowel. This
difference was smaller for PWS than for PNS when
the onset was /bR/. If we assume that a decrease in
intensity is potentially the result of smaller
articulatory movements [19], it can be speculated
that PWS reduce the range of their articulatory
movements in words with complex onsets. Because
all PWS had received some form of therapy, it is
possible that strategies to prevent stuttering episodes
underlie the findings; these strategies likely affect
complex onsets more, as they are more challenging
for PWS.
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ABSTRACT
In forensic voice comparison (FVC) cases it is
essential to make sure that conclusions are reliable,
robust, and replicable. This is especially true for datadriven FVC that relies on databases of speakers to
estimate empirically the strength of the voice
evidence. A key issue for such approaches is the
validity of likelihood ratio (LR) output according to
the specific speakers used for training and testing
systems. The present study addresses this issue using
simulated scores with different score distributions for
training and test data. Experiments were replicated
100 times by varying the sampling of (1) both training
and test scores, (2) training scores only, and (3) test
scores only. The results show that sampling both test
and training scores yielded the largest system
variability with Cllr varying from 0.03 to 0.51.
Keywords: forensic voice comparison, likelihoodratio, sampling, Bayesian method.
1. INTRODUCTION
Forensic voice comparison (FVC) is a sub-discipline
of forensic speech science, which is the application of
phonetics, acoustics, signal processing and logic to
legal cases [9]. A typical scenario for a FVC case is
to compare recordings, one of an unknown offender,
and the other of a known suspect typically recorded
during the police interview (e.g. in the UK, China) [6]
or through wiretaps (e.g. in Germany, China) [12].
The likelihood ratio (LR) framework has been
extensively promoted in recent years [9,15,21,23].
The LR approach involves evaluating the similarity
of the speech patterns in the disputed and known
samples and assessing their typicality against a
relevant population [8,10]. The outcome, which can
be expressed using a numerical or verbal LR, is a
measure of the strength of the evidence under
competing propositions of the prosecution and
defence (see further [10,14]). Calculating a LR
involves two stages: (1) feature-to-score, and (2)
score-to-LR. In stage one, measurements or
observations from the training and test data are
extracted to calculate SS and DS training and test
scores. In stage two, training scores are used to
generate coefficients [4] that are applied to test
scores.
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It is important to evaluate system performance
(i.e. its ability to separate same and different speaker
samples) and this is widely done using the log LR cost
function (Cllr) [5]. The lower the Cllr the more accurate
the system is. The term system here refers to “a set of
procedures and databases that are used to compare
two samples, one of known sample and one of
disputed sample, and produce a LR” [16]. Evaluating
system performance is often carried out by taking a
group of speakers (e.g. 60 speakers; [9]) and dividing
them equally into training, test and background sets.
The system is then trained and tested by using these
three sets of speakers. Previous studies have shown
that system performance varies when using
demographically matched or mismatched speakers
for the background population [8]. Different variables
also yield different system accuracy [9,10,15,21,23].
However, most of these previous studies have only
carried out the experiment once, with one
configuration of speakers in each dataset. Relatively
little is known about how stable system performance
is if different arrangements of speakers are used.
In [22], we conducted a study using spontaneous
Cantonese speech from 64 speakers to explore the
effect of replicating an experiment multiple times, i.e.
by sampling different groups of training, test and
background speakers from a relevant population.
System performance (Cllrs) varied from 0.29 to 1.15
when using different configurations of training, test
and background speakers. However, because this
study used spontaneous speech, the variability in
system stability may have been caused by factors
such as number of speakers and tokens used, channel
mismatch, and recording qualities of different
speakers. Therefore, in order to test purely the effect
of the speakers used in each set, it is important to use
highly controlled input data, rather than data derived
from naturalistic speech. In the present study, same
speaker (SS) and different speaker (DS) scores were
simulated to address two questions. First, how is
system stability is affected by sampling, i.e. does the
system have a more stable performance if a different
set of training, or test, or training and test speakers are
used? Second, do some variables provide more or less
stable LR output according to the specific sample of
speakers used?

2.2 LR computation and system evaluation

2. METHOD
2.1 Data simulation
To generate controlled data, we simulated
comparison scores for the training and test sets. In this
way, the study does not focus on the feature-to-score
stage and the make-up of the background set,
although these are important issues that we explore in
[22]. The scores were simulated under an assumption
of normality. It is worth noting that scores from real
speech data are often not normally distributed.
However, normal distributions are used here for the
sake of simplicity. Three sets of simulated scores for
1000 speakers were computed using the rnorm
function in R [1,20], resulting in 1,000 SS and 99,000
DS scores. Panel (a) in Figure 1 shows the
distributions of the simulated SS and DS scores,
where the mean and standard deviation of SS scores
(right) are 0.5 and 0.25, while the mean and standard
deviation of DS scores (left) are -0.5 and 0.5. The DS
scores have a higher standard deviation because in all
FVC with multivariate LRs, the non-target values
have a wider spread than the target values. In panels
(b) and (c), the standard deviation of SS and DS
scores and the mean of DS scores were kept the same,
but the mean of SS scores was increased to 0.75 and
1. The three different datasets each had different
equal error rates (EER), in order to mimic variables
with different speaker-discriminatory power. The
data in panel (c) (EER = 2%) has the best speakerdiscriminatory power; cf. panel (b) (EER = 4%) and
panel (a) (EER = 9%). This allows us to assess the
effect of inherent speaker-discriminatory power on
system stability. The three sets of scores were used as
the pseudo-datasets for LR computation.
Figure 1: Simulated SS (right) and DS (left) scores
with different speaker-discriminatory power.

Since the current study uses simulated scores, only
the score-to-LR stage of LR computation is assessed
here. Previous research shows that stable LR output
can be achieved with 20 or more speakers in each of
the training and test data [7]. Therefore, 20 training
and test speakers were selected randomly from
pseudo-datasets (a), (b) and (c) respectively, which
led to 20 SS and 380 DS training and test scores. The
training scores were used to generate logistic
regression calibration coefficients [4] that were then
applied to test scores to produce a set of 20 SS and
380 DS calibrated log LRs. The Cllr was calculated to
capture the system performance. The same procedure
was repeated 100 times by using the LR calculation
and testing in FVC package [13] in R [2,19]. The
overall and interquartile range (IQR) of Cllrs are used
to evaluate system stability.
3. EXPERIMENT
Three experiments were carried out with pre-defined
sampling rules. The scores were sampled from
pseudo-datasets (a), (b) and (c) in each experiment.
3.1 Expt. 1: Sampling training & test scores.
Different sets of scores were randomly sampled for
both training and test data in each replication to
explore the effect of score-sampling on system
stability, and whether some variables (represented by
EER conditions) produce more or less stable systems
according to different samples of scores used.
3.2 Expt. 2: Only sampling training scores.
Different sets of scores were randomly sampled for
the training speakers while keeping the test scores
fixed in each replication. This aims to explore the
sensitivity of training data to different speakers with
regard to the speaker-discriminatory power of the
variable. This allows us to explore whether it matters
which training speakers we if the variable has a higher
speaker-discriminatory power, i.e. lower EER.
3.3 Expt. 3: Only sampling test scores.
Different sets of scores were randomly sampled for
the test data while the training scores were fixed in
each replication. This explores the sensitivity of test
data to different speakers and the feasibility of using
the same LR-based FVC system for multiple cases.
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4.2. Experiment 2
4. RESULTS
4.1. Experiment 1
Figure 2 shows the variation in Cllrs by sampling
different sets of training and test scores. (a), (b) and
(c) indicate the pseudo-dataset that scores were
sampled from. Overall Cllr ranges from 0.23 to 0.54,
0.10 to 0.42 and 0.03 to 0.51 for sets (a), (b) and (c)
respectively. Figure 2 shows firstly that the system
stability varies considerably if different sets of SS and
DS scores are used in each replication. Furthermore,
sets (a), (b) and (c) yielded different system
stabilities. Set (c) yielded a lower IQR than sets (a)
and (b) (Table 1). However, set (c) also yielded a
higher Cllr overall range (OR) and more outliers than
sets (a) and (b). The results show that score-sampling
has a marked effect on system stability regardless of
discriminatory power of the feature being used.

Figure 3 shows the variation in Cllrs by sampling
different sets of training scores in each replication.
One predictable pattern emerges, namely that the
further apart the distributions of SS and DS scores,
the lower the Cllr mean and median. All three sets
yielded the same Cllr IQR (Table 2), which indicates
that variables with higher speaker-discriminatory
power do not necessarily yield a higher system
stability when varying the training speakers.
However, more outliers are produced when the
distributions of SS and DS scores are further apart
from each other, which makes the overall Cllr range of
set (c) higher than (a) and (b).
Figure 3: Variation of Cllrs by sampling training
scores from pseudo-datasets (a), (b) and (c).

Figure 2: Variation of Cllrs by sampling training
and test scores from pseudo-datasets (a), (b) and (c).

Table 2: Cllr minimum, 1st quartile, median, 3rd
quartile, maximum, IQR and OR of sets (a), (b) and
(c) in experiment 2.

Cllr
Min.
1st Qu.
Median
3rd Qu.
Max.
IQR
OR

Table 1: Cllr minimum, 1st quartile, median, 3rd
quartile, maximum, IQR and OR of sets (a), (b) and
(c) in experiment 1.

Cllr
Min.
1st Qu.
Median
3rd Qu.
Max.
IQR
OR

(a)
0.23
0.30
0.33
0.37
0.54
0.07
0.31

(b)
0.10
0.16
0.19
0.22
0.42
0.06
0.32

(c)
0.03
0.07
0.10
0.12
0.51
0.05
0.48

(a)
0.30
0.30
0.3
0.31
0.33
0.01
0.03

(b)
0.17
0.17
0.17
0.18
0.25
0.01
0.08

(c)
0.08
0.08
0.09
0.09
0.29
0.01
0.21

4.3. Experiment 3

Experiments 2 and 3 explore the effects found in
Experiment 1 in more details, to identify whether the
training or test data is more important.
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Figure 4 shows variation in Cllrs when sampling
different sets of test scores in each replication. The
overall range and IQR of Cllrs in Experiment 3 yielded
a different pattern from Experiment 2. The Cllrs of set
(b) range from 0.1 to 0.36 (Table 3) and the IQR is
0.08. These are higher than those of sets (a) and (c).
Scores sampled from pseudo-dataset (c) yielded the

lowest overall Cllr range (0.1) and IQR (0.03), which
suggests that it is feasible to use the same LR-based
FVC system for multiple FVC cases. However, a
comparison between sets (a) and (b) shows a different
pattern, suggesting that a variable with a higher
speaker-discriminatory power does not always yield
higher system stability if different test speakers are
used.
Table 3: Cllr minimum, 1st quartile, median, 3rd
quartile, maximum, IQR and OR of sets (a), (b) and
(c) in experiment 3.

Cllr
Min.
1st Qu.
Median
3rd Qu.
Max.
IQR
OR

(a)
0.24
0.31
0.33
0.36
0.41
0.05
0.17

(b)
0.10
0.15
0.19
0.23
0.36
0.08
0.26

(c)
0.06
0.08
0.09
0.11
0.16
0.03
0.10

Figure 4: Variation in Cllrs by sampling test scores.

each replication. Therefore, the effect of sampling
variability is overall reduced, which in turn improves
the system stability.
In Experiment 3, it was the same calibration
coefficients (i.e. same set of training scores) used in
each replication. The results suggest that sampling
test scores has more effect on the system stability than
sampling training scores. Set (c) yielded more outliers
than sets (a) and (b), which suggests a low feasibility
for using the same LR-based FVC system for multiple
real cases even when the variables have a higher
speaker-discriminatory power (lower EER).
However, set (c) also yielded the lowest OR and IQR,
which may suggest that the system starts to yield
stable performance when a certain accuracy level is
achieved, and a well-defined training data is used [8].
Potential solutions could be developed to deal with
the system variability caused by score sampling. First,
different calibration methods proposed in [18] might
offer a solution to improve system stability. Second,
the effect of score sampling on system stability can be
explored for different types of distributions by taking
skewness and kurtosis from real speech data into
consideration [3]. Third, similar to [8], a well-defined
training data set may be needed to improve the overall
system stability.
6. CONCLUSION

5. DISCUSSION
The results from the three experiments showed that
score sampling has different effects on system
stability.
Experiment 1 shows that system accuracy is not
necessarily positively correlated with system
stability, because the further away the SS and DS
distributions (lower EER) are, the more outliers the
system yields.
Experiment 2 shows a similar pattern comparing
to Experiment 1. The system stability in Experiment
2 is much higher than that in Experiment 1, and
Figure 3 suggests that varying training scores has a
limited effect on system stability. However, this may
also be due to the fact that when training scores are
sampled, the same set of test scores are being used in
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The current study used simulated data to explore the
effect of score sampling on system stability. The
results reinforce the underlying uncertainty in datadriven FVC studies. The results have a number of
implications for both LR-based FVC and phonetic
studies in general. Firstly, it is necessary to capture
both system accuracy and stability rather than
reporting one single LR value in LR-based FVC
cases. Secondly, variability in source data causes the
system performance to vary to different extents
regardless of the speaker-discriminatory power of the
variables being used; variables with higher speakerdiscriminatory power do not necessarily yield higher
system stability. Thirdly, it is essential to replicate
experiments multiple times. Otherwise, the results
might be misleading if they are used as evidence, with
potentially serious consequences for justice.
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ABSTRACT

sonants/vowels), words and sentences [3, 4, 14, 15].
This non-native perception challenge has been a
point of interest to linguists and phoneticians for
several decades, but it is only recently that we are
looking deeper into how various types of maskers
(e.g. noise and reverberation) affects non-native
speech perception [2, 11]. As stated above, many
researchers have looked into the effect of non-native
speech perception, but the types of maskers used in
the experiments were mostly limited to, for example,
babble noise, pink noise, stationary noise, and reverberation, and we have come to understand that certain types of maskers are more damaging to speech
perception (conversely, more effective in masking
sounds). For example, competing speech maskers
are less detrimental than babble noise [10]. Less
known is the effectiveness of more complex maskers
in attempting to mask speech from various listeners
(e.g. native and non-native).
Various designs of masker have been studied,
which can be categorised into two different classes.
Conventional maskers such as pink noise and HVAC
(heating, ventilation, and air conditioning) systems
noise [16] rely on the energetic masking, which occurs when the excitation or neural response in a
given frequency range, due to the target speech, is
less than that produced by the background noise [7].
On the other hand, some more recent studies proposed using speech-like signals for the masker [6, 8,
9]. The idea is stimulated by informational masking
which hinders listeners’ ability trying to “spotlight”
particular spectro-temporal region of sound to perceive the context [12].
This paper reports the results of an English word
identification task assigned to three groups of listeners varying in nativeness under conditions where
sound masking is generated using different types of
masker, both energetic and informational. The study
addresses the questions: i) What type of masker
would be more effective in masking speech? and
ii) Are the effects different between native and non-

Sound masking is a technique used for protecting
speech confidentiality, which is realised by adding
maskers to cover target speech. Numerous research
have demonstrated the native and non-native differences in perceiving masked speech, but few have
compared the effect of masker types from the perspective of effectiveness of speech privacy. This paper reports on the result of an English word identification task by native and non-native listeners where
five types of maskers are implemented. Natives,
non-natives residing in English-speaking country,
and non-natives residing in Japan were tasked to
write down sentences when masking sound was
present. Results showed that while the three groups
of listeners’ baseline performance differed significantly, no significant difference was observed between two groups of non-native listeners in the presence of maskers. Additionally, five types of maskers
impacted native and non-native listeners differently,
which provides novel evidence on future implementation of maskers to increase speech privacy.
Keywords: word identification, sound masking,
speech privacy, noise, non-native
1. INTRODUCTION
We have all experienced difficulty in listening to
speech in noisy environments. Sound masking is a
technique that makes use of this difficulty to keep
conversations confidential. It is realised by projecting additional interfering sound, the masker, that
covers the contents in the target speech. The degrees
of difficulty differs according to the maskers and listeners - for example, if the target speech is spoken
in a non-native language, the challenge caused by
sound masking would be even greater. Much research has looked into the effect of noise for nonnative perception, using data from various language
groups and processing levels such as segments (con-
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native listeners depending on the types of masker?

Masking Sound
PC Screen

2. EXPERIMENT

Listener

1.3 m

A subjective listening test was conducted to investigate the effect of sound masking on word identification by native and non-native listeners.

1.04 m

1.0 m

3.5 m

2.1. Stimuli

2.5 m

Figure 1: Experimental setup for listening task.
2.2. Testing environment

Five types of maskers were used in the experiment:
1) Pink noise (Pink) [16], 2) Babble noise (Babble) [13], 3) Time-reversed speech with randomly
re-ordered frames (T-rev) [8], 4) T-rev with artificial reverberation (T-rev + Reverb) [6], and 5) Timereversed speech using overlap-and-add with Hanning window (OLAW) [5]. Of those five types,
Pink and Babble are classified as energetic masking whereas the other three types are classified as
informational masking since these types are generated from a speech signal. The two types proposed by previous studies, T-rev [8] and T-rev +
Reverb [6], both involve randomisation of the timereversed frames. The difference between T-rev and
T-rev + Reverb is that the latter adds artificial reverberation to the masker generated by T-rev. OLAW
is generated similarly to T-rev but does not involve
the frame randomisation process. The time-reversed
frames are concatenated using the overlap-and-add
technique with windows in order to minimise discontinuities in the signal [5].
All types of maskers for informational masking
(i.e. 3 to 5) were generated from speech sentences
randomly selected from the corpus of the Harvard
sentences [1] spoken by a male speaker with British
accent. The same speech was used as the target
speech assuming the maskers were generated from
the target speech recorded beforehand. 150 ms was
selected as the size of the frames and the length of
the frame overlap for OLAW was set to 50 ms. All
maskers were normalised by their power in order to
keep the target-masker ratio (TMR) at the listener’s
position consistent. The sampling rate of the audio files was 16 kHz. Both the target speech and
masker were played at the same time by saving the
signals as a stereo file, with one track containing
the masker and another track containing the target
speech. To replicate the delay caused by generating maskers from the recording of target speech, the
masker was played 160 ms later compared to the target speech.
Following the settings used in the previous studies, e.g. [6, 8, 9], the TMR value was set at −3 dB
because it provided a reasonable degree of masking
effect without causing ceiling or flooring effects.

The listening tests were conducted in the listening
room of the Acoustics Laboratory at the University of Auckland, NZ (New Zealand) and the semianechoic room at Seikei University, Japan. Both
sites were sound proofed and had an acoustically
separated area for the examiner and computer to be
located thus isolating the participants from any potential noise sources.
Two loudspeakers were placed in the middle of
the rooms, as shown in Figure 1. The front loudspeaker (masker source) was placed 2.5 m away
from the participant’s seat. The back loudspeaker
(target speech) was placed at a distance of 3.5 m
away from the participant’s seat. The front loudspeaker was kept lower than the back loudspeaker,
and both were placed in direct sight from the participant’s seat to ensure that the participant was able
to perceive the sound waves directly propagating
from the loudspeakers. A computer screen, a wireless keyboard and mouse placed in front of the participant’s seat were used to enter their responses
through a Graphical User Interface (GUI).
The volume of the back loudspeaker was initially
adjusted to project a normalised speech file at the
level of 58 dB(A) at 1 m away from the loudspeaker,
i.e. front loudspeaker’s position. The sound level of
the normalised speech at the participant’s seat was
52 dB(A). To make sure the TMR was kept at −3
dB, the volume of the front loudspeaker was hence
calibrated to have the sound level of 55 dB(A) at the
participant’s seat.
2.3. Participants

A total of 55 listeners participated in the experiment.
Based on their self-reporting, none of the participants had any hearing disabilities. Twenty native
speakers of English took part in the experiment as
the L1 Group (17 participants in age group 18-29,
one in 30-39, two in 60+) while another twenty nonnative speakers took part in the experiment as the
L2a Group (16 in 18-29, four in 30-39). The par-
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otherwise the GUI automatically proceeded to the
next stimulus. The order of presented masker type
was randomised; however the same sentences in the
same order were utilised for all participants to ensure a uniform test environment. Each participant
spent approximately 20 to 25 minutes for the whole
process.
The marking system of the listening test was binary - each response either got a full (1) or no mark
(0). Responses were given a full mark 1) when the
word was spelled accurately or 2) when the word
contained a non-critical spelling mistake (e.g. ’it’s’
written as ’its’). Partially incorrect responses (e.g.
’beauty’ written as ’beautiful’) received no mark.

ticipants in the L1 and L2a Groups were recruited
in NZ universities and the participants in the L2a
Group had all been residing in NZ at the time of
experiment, and their length of residence in Englishspeaking countries varied from 1.5 to 9 years (min: 1
year, max: 9 years, mean: 3 years, median: 2 years).
The native languages of the L2a Group varied (e.g.
Mandarin, Cantonese, Arabic, Tamil, Hindi). The
participants in the L2a Group had no difficulty communicating in English. Their English proficiency
level was measured to be advanced, with eleven participants reporting their IELTS scores to be between
6.5-8.5, median 7).
Fifteen native speakers of Japanese took part as
the L2b Group (age group: 18-29). The participants in the L2b Group were recruited in a university in Japan. All L2b Group participants learned
English as their second language and most participants in this group had no experience of living
outside of Japan. Their English proficiency level
was measured to be between lower intermediate
and advanced (TOEIC scores 420-915, median 650).
Three participants had experience of living abroad
(7 years, 1 year and 1.5 years); however, their proficiency level was intermediate (TOEIC scores 650,
600 and 590). Generally speaking, the L2a Group
had more English input compared to the L2b Group.
All participants were paid upon completion of the
experiment. The procedure for the data collection of
L1 and L2a Groups was approved by Auckland University Human Participants Ethics Committee, and
the procedure for the data collection of L2b Group
was approved by Seikei University Ethics Committee.

3. RESULTS AND DISCUSSION
Figure 2 shows the baseline performance of the
three listener groups (sentences without a masker).
The language effect is observed, as L1 Group had
near-perfect scores while scores gradually decreased
from L2a to L2b, which corresponds to the amount
of English input they have received (i.e. L2a has had
more English input than L2b). A one-way Analysis
of Variance showed a significant main effect of language (F(2, 162) = 112.1, p < .001), and post hoc
analysis using the Bonferroni correction revealed
significant differences in the language pairs L1 and
L2a (p < .001), L1 and L2b (p < .001), and L2a and
L2b (p < .001). The significant difference between
L1/L2a and L1/L2b indicate that, to no surprise, the
ability to perceive unmasked speech varies depending on whether the target sounds are in one’s native
or non-native language, as documented in previous
research, e.g. [10]. Moreover, the statically significant difference between L2a and L2b groups provide
evidence that the amount of input one received in the
non-native (target) language is reflected on how well
they can perceive speech in an unmasked condition.
Figure 3 shows the accuracy rates by the three
listener groups merged across all types of maskers
(overall) and that of each masker. The ranking of
the effectiveness of masking is similar among the
three listener groups, with T-rev and T-rev + Reverb located at the higher end of the effectiveness
spectrum (i.e. lower accuracy) and Babble located
at the lower end (i.e. higher accuracy). Analysis of variance showed a significant interaction
between language and masker type (F(8, 208) =
23.66, p < .001), and significant main effects of
language (F(2, 52) = 33.41, p < .001) and masker
type (F(4, 208) = 94.90, p < .001). In terms of the
language effect, post hoc analysis using the Tukey
Kramer test showed significant differences between

2.4. Procedure

The subjective listening test measured how intelligibility of a target speech is affected when the masker
is also projected to a participant. Overall, 50 Harvard sentences consisting of 7 to 9 words were used
in the test, i.e. 10 different Harvard sentences were
used for each type of masker stated in Section 2.1.
In addition to the 50 sentences an extra 5 sentences
were used without a masker to test the participants’
baseline performance.
The experiment was controlled by the GUI, which
was used to play the stimuli as well as collecting participants’ responses. Participants were required to
transcribe the sentence of the target speech through
the GUI provided on a computer screen. Participants
were given up to 30 seconds to enter the sentence
they heard. They were able to move on to the next
stimulus by pressing a button on the GUI if their
response was completed before 30 s had elapsed,
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L1 and L2a (p < .01), L1 and L2b (p < .01) and
a tendency in significance between L2a and L2b
(p = .07). The asymmetry in the results of L2a/L2b
groups in unmasked and masked speech is one of
the key findings of this experiment. The amount of
input one receives in the non-native language is reflected in the accuracy of unmasked speech task but
not necessarily so in masked speech task. In other
words, the more input one receives in a language, the
higher the performance in unmasked speech task, as
indicated in the ranking L1>L2a>L2b. On the contrary, whether the target speech is in one’s native or
non-native language affects performance in the case
of masked speech task, as indicated in the ranking
L1>L2a, L2b.

different processing (overlap-and-add and Hanning
window). The common point in Babble, Pink and
OLAW is that they have not been generated using
randomised frames.
In addition, an interesting factor that is worth further investigation is the relationship between the signal processing utilised in generating the maskers and
annoyance caused by the maskers, as annoyance is
an important factor that needs to be considered in
creating a stress-free masker. Previous research [5]
has demonstrated that, at least in the case of native
participants, they may be related.
To summarise, three finding can be drawn from
Figure 3. Firstly, maskers generated with randomised frames may be a universally effective
masker. Secondly, the OLAW maintains effectiveness to mask speech, but only to non-native listeners. Thirdly, maskers that are not generated with
randomised frames are less effective as maskers to
native listeners.

While all groups had difficulty identifying words
accurately in the stimuli with maskers, salient differences between L1 and L2a/L2b Groups were observed in Babble, Pink and OLAW maskers. Conversely, T-rev and T-rev + Reverb conditions were
difficult for all groups of listeners, regardless of
their native language. Indeed, post hoc analysis
using Tukey Kramer test showed significant differences (p < .01) between L1 and L2a/L2b in Babble,
OLAW, and Pink, but not in T-rev and T-rev + Reverb. No significant differences were found between
L2a and L2b in any of the five maskers.

4. CONCLUSION
A word identification task was assigned to three
participant groups differing in nativeness: native
listeners (L1), non-native listeners living in an
English-speaking country (New Zealand) (L2a), and
non-native listeners living in non-English-speaking
country (Japan) (L2b). Five types of maskers were
implemented to the stimuli to explore their effectiveness in masking target sounds. Results indicated
that maskers generated with a certain processing (i.e.
randomised frames) is effective to all listeners, while
maskers generated without this processing was only
effective to non-native listeners. This result provides
novel evidence and indicates direction towards effective masking in occasions where speech privacy
is needed.

A plausible explanation for the different masker
effects observed in the five types of maskers is the
processing methods used to generate them. T-rev
and T-rev + Reverb, the two maskers that had adverse effects on both native and non-native participants, were generated by randomised reordered
frames. No significant differences were observed in
the accuracy rates of the two maskers in the three
participant groups. The OLAW, on the other hand,
is similar to T-Rev, but instead generated with a
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ABSTRACT
Temporal organizations of the speech signal are
highly individual among speakers of the same
language. In the present study, we looked at speech
production of bi-dialectal speakers using two
varieties of the same language. We aimed at testing
whether speaker-specific temporal features present in
one dialect remain in another dialect of the same
speaker. 20 sentences and one passage in both
Mandarin and Danyang Dialect of 14 bi-dialectal
speakers were recorded. We measured betweenspeaker variability of the percentage of voiced
interval duration (percentVO) in both dialect
conditions using linear mixed effect models. Results
revealed that speakers exhibited distinct betweenspeaker variability when dialect variability and style
variability were introduced. However, within-speaker
variability was also present and the magnitude of the
variability differences varied among different
speakers and in different speaking styles. Findings of
the current study are particularly relevant for forensic
voice comparison tasks when a mismatch in speaking
languages in trace and suspect materials is present.
Keywords: temporal characteristics, speaker
individuality, articulation, bi-dialectal speakers.
1. INTRODUCTION
People differ profoundly in their voices. A number of
studies have reported strong between-speaker
variability in the temporal organization of the speech
signal of the same language (durational- and
intensity- based rhythmic measures, formant
dynamics, intensity dynamics). Studies were carried
out on both segmental and supra-segmental levels. On
the segmental level, marked individual differences
were observed in speakers’ formant frequency
dynamics ([15], [16]) and within-syllable durational
characteristics ([19]). Supra-segmental or rhythmic
characteristics of speech also vary between speakers.
Durational variabilities of voiced, voiceless, vocalic
and intervocalic intervals were found to be speakeridiosyncratic ([5], [14]). Dellwo, Leemann and Kolly
([7]) further reported robust between-speaker effects
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on the durational variability between syllabic
amplitude peak points when within-speaker prosodic
and linguistic variability were introduced. In addition,
syllable intensity characteristics also play an
important role in between-speaker rhythmic
differences. He and Dellwo ([11]) examined the
dispersion of syllable intensity levels and the mean
differences between consecutive syllable intensity
levels, and obtained stronger speaker specific
information in these intensity-based measures
compared to duration-based measures of phonetic
interval variability. They further expanded the study
by looking at the dynamic process of intensity change
within a syllable. Strong speaker effect was obtained
in this dynamic process as well. Moreover, the parts
of speech signal where intensity decreases from the
peak point to the trough point were found to contain
more speaker idiosyncrasy ([12]).
Voice individuality as manifested in the abovementioned speaker-specific production of prosodic
variabilities is believed to be largely due to
idiosyncratic articulation in speech production ([6],
[10], [11], [12] [15], [16]). Speakers may differ in
their anatomical make-ups of the articulatory
apparatus (e.g. jaw, tongue, lips, velum, etc.), which
requires them to coordinate the articulators in
speaker-specific ways during speech. Articulatory
movements may be constrained by one’s intentions
and expectations, which vary strongly between
different speakers ([9], [17]). While there has been a
large body of evidence showing that temporal
features of speech vary between speakers of the same
language ([1], [4], [6], [14], [21], [22]), speaker
individuality for those capable of speaking in
different languages or language varieties remains a
largely neglected scenario, although it is crucial for
the understanding of the source of between-speaker
rhythmic variability. First evidence that speakers vary
systematically in terms of suprasegmental temporal
characteristics across languages is present from
Italian-German bilinguals ([8]). The researchers
reported speaker-specific effects for measures under
observation, such as articulation rate, %VO, %V and
deltaV. In particular speakers showed systematic
higher %VO when speaking in Italian than in
German, which might be due to a relatively high
number of voiced consonants in the phoneme

inventory and a preference towards open syllables in
Italian language compared to German language.
Since the acoustic dimensions of speech carry not
only the signals about the speaker itself, but also
signals about the particular phonological form being
produced (i.e. the language), variations arising from
distinct phonological systems of different languages
are expected to impact how speaker information is
conveyed through the acoustic signal.
In the present study, we did a comparable analysis
by looking at the speech of bi-dialectal speakers who
use two varieties of the same language – local and
supralocal – in their linguistic repertoire. Speech of
14 Mandarin – Danyang dialect speakers were
measured in terms of the durational variability of
voices and voiceless intervals in the speech signal
(percentVO) across both varieties. The particular
choice of this temporal measure was motivated by
recent evidences in the literature pointing to
percentVO exhibiting strong between-speaker
variability ( [5], [6], [8], [14],[18]).
We chose two distinct language varieties in China
in consideration of the rich language diversity there,
especially in the southeast area. Danyang dialect is a
variety of Wu Chinese spoken in the central districts
of the city of Danyang. Like other Wu variants, it is
mutually unintelligible with other varieties of
Chinese, such as Mandarin. Meanwhile, the particular
choice of language varieties was motivated by
previous research showing that Wu varieties are
distinguished by their retention of voiced or
murmured obstruent initials, such as stops, affricates
and fricatives ([20]), meaning that it reveals strong
differences in the parameter under observation
compared to Mandarin speech. By choosing these two
particular varieties, we aim at testing whether and to
what extent bi-dialectal speakers accommodate to
two distinct phonological systems, and how dialect
variability might influence their productions of
voiced interval durations. Speaker idiosyncrasy in the
speech of bi-dialectal speakers is influenced by the
rhythmic differences between two varieties of the
same language. If it is the case that speaker-specific
ways of operating the articulators are the driving
force behind idiosyncratic speech production, then we
would well expect that a bi-dialectal speakers reveal
similar voicing patterns when speaking both dialects.
2. METHOD
2.1. The database

city of Danyang where Danyang dialect and
Mandarin are the two major languages in use, and
thus considered native speakers of both dialects and
Mandarin. Speakers were recorded reading the
following passage and 20 sentences in both Dialect
and Mandarin using Zoom Handy Recorder H2 in a
quite room (sampling rate: 44.1 kHz; quantisation
depth: 16 bits; format: wav).
2.2. Data processing and measurement

Voiced and unvoiced intervals in the speech signal
were automatically processed using the Praat voicing
detection function (To TextGrid (vuv)). A voiced
interval (v) is the stretch of the signal where periodic
laryngeal activity could be detected in the speech
signal. All remaining parts of the signal are unvoiced
(u).
2.3. Statistical analysis

To test the significance of between-speaker
variability captured by the temporal measure
percentVO, mixed-effects models were employed
using the R package lme4([3]). Language, gender
and style were modeled as fixed factors; speaker and
sentence were modeled as random intercepts
(rationale: speakers were a sample of the bi-dialectal
speaking population of Mandarin and Danyang
dialect, and sentences were a sample of an infinitely
large population of possible Mandarin or Danyang
dialect sentences; [2]).
We first carried out interaction tests among all
three fixed factors (language, gender and style) and
only observed significant inter-dependence between
gender and style. So main effect tests were only
carried out on the fixed factor language and the
random variable speaker, which are the two
parameters of interest in the present study
Effects were tested by model comparison between a
full model in which the factor in question is included
as either a fixed or a random effect and a reduced
model in which the factor in question is excluded. The
significance of an effect was tested by comparing the
results from the two models using standard
ANOVAs. For the assessment of the relative
goodness of fit we indicate AIC (Akaike Information
Criterion) values, which decrease with goodness of fit
([13]). Details of fitted models are presented in Table
1.
3. RESULTS

14 bi-dialectal speakers (9 female and / 5 male
speakers; average age=38, min age=24, max age=48)
of Danyang dialect and Mandarin were chosen for the
present study. They were all born and living in the
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The results of the mixed-effects models (fitted by
maximum likelihood) for between-speaker variability
of the percentVO measure with the bi-dialectal
speakers were presented in Table 2.

As is shown in Table 2, full models are
significantly different from speaker-reduced models
with increased goodness of fit (smaller AIC values),
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indicating that between-speaker variation was highly
significant for percentVO. Likewise, the language
effect was tested to be very significant for percentVO.

We further examined speaker and language effects
by inspecting the boxplots, which showed the
percentVO values for sentences and the passage
separately. Speaker effect is clearly visible in both
styles of reading materials. Speaker specificity is
particularly distinct in the case of speaker 5 who
showed dramatically lower percentage of voiced
intervals in both dialects across both speaking styles,
compared to all other speakers. An opposite situation
can be observed for speaker 3 who is consistently
higher in percentVO than others in both sentences and
passage, especially in Danyang dialect. In general,
between-speaker durational variabilities of voiced
intervals are quite consistent in the two dialect
conditions.
Nevertheless, within-speaker variability was also
present and the magnitude of the variability
differences varied among different speakers and in
different speaking styles. There are distinctive cases
in which speakers behaved rather similar when
producing the sentences in two dialects in terms of the
durational variability of voiced intervals, for example,
speaker 1, 2 and 11 (see Figure 1). However, the
situation completely reversed during the event of the
passage where there existed massive between-dialect
differences for both speakers (see Figure 2). For
speaker 3 and 7, it’s completely the other way around.
The between-dialect difference within a speaker
narrowed when they produced the linguistically more
coherent passage rather than single sentences. Other
speakers varied in the level of the conformity between
two dialect conditions in terms of percentVO, though
they showed little within-speaker variation when
producing sentences and passage. Clearly, both the
dialect and speaking style have profound impacts on
the internal stability of a speaker’s production of
voiced interval duration in speech.
4. DISCUSSION
In the present study, we analyzed durational
variabilities of voiced intervals for a group of bidialectal speakers in both their native dialects. For the
dependent variable under observation (percentVO),
both main effects (speaker and language) were
significant. Systematic variation existed among all
the speakers. An extreme case was speaker 5, who
showed a dramatic low percentage of voiced
segments in both dialects compared to all other
speakers. Though it has been proposed that speakers
with distinct creakiness in word or phrase-final
positions might have measurable lower percentage of
voiced segments in speech, auditory inspection
revealed no significant creakiness in this particular
speaker. Currently we do not have adequate
understanding as to what causes percentVO to vary
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among these speakers, but it is true that percentVO
has been identified as one of the measures revealing
the greatest effects of speaker in numerous studies
([6], [8], [14]), even in cases when style variability
and channel variability were introduced ([14]). It is
quite plausible that speaker-speaker anatomic makeup of the speech organs and individual ways of
operating them result in varying overall percentage of
voicing time between speakers.
However, durational characteristics of voiced
intervals are not always stable within a speaker when
two dialects are involved. Within-speaker variability
of percentVO was observable across dialect
conditions. For some speakers, the durational
characteristics of voiced intervals in one dialect were
largely obtainable in the other dialect (for example,
speaker 4 and 13), though most of the speakers
behaved differently to varying degrees when
speaking in different dialects, which indicates that
percentVO is not robust against dialect variability.
The within-speaker dialect variability might be
largely due to the phonological differences between
Danyang dialect and Mandarin. It was interesting to
see that the percentVO values of Danyang dialect is
consistently higher than of Mandarin (see Figure 1
and Figure 2). This is in line with previous findings
that Wu varieties are distinguished by their retention
of voiced or murmured obstruent initials, such as
stops, affricates and fricatives ([20]), which can boost
the duration of voiced segments in the speech,
resulting in a higher percentVO compared to
Mandarin speech. This means that when speaking the
two dialects, speakers have to accommodate to two
distinct phonological systems, resulting in dissimilar
production of voiced interval durations across
dialects. This is not the first report of languagespecific effects for percentVO, Dellwo and Fourcin
([5]) also observed that languages vary in the way
their voiced intervals are organized.
Though percentVO performs fairly well in
revealing between-speaker temporal variability and
we argued that speaker-specific anatomical
configurations and ways of moving the articulators
are the driving force behind it, this study clearly
shows that this supra-segmental temporal feature of
speech is not stable within a speaker when two
distinct varieties of the same language are involved.
This finding bears important implications for forensic
phonetic practices, especially those carried out in
linguistically diverse areas, when comparisons have
to be made on trace and suspect materials with a
mismatch in speaking languages or language
varieties. It is vital to check the robustness of speaker
individuality measures in use against different
language variabilities.

So far we only looked at read sentences without
any pragmatic context. This is a type of speech that
typically does not play a large role in forensic context.
Another admittedly drawback of the present study is
that the amount of data analyzed is not very large. It
would be interesting to expand the study to
spontaneous speech and more speakers so that more
meaningful interpretations could be obtained.
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ABSTRACT
This study examines the sensitivity of formant-based
semi-automatic speaker recognition systems to
feature extraction settings and channel mismatch. A
total of 200 systems were tested, varying LPC order
and the maximum number of formants tracked across
four channels: studio quality, landline telephone, and
two GSM mobile phone samples with different bitrates. For each system, calibrated log likelihood ratios
were computed for 97 speakers using formants
extracted from 60 seconds of vowel-only material.
System performance was affected markedly by
formant settings, with EER ranging from 8% to 37%
and Cllr ranging from 0.28 to 0.88 in the high quality
condition. However, some individuals are more
sensitive to such variation, meaning that system
performance is entirely dependent on the specific
speakers tested. This issue is discussed in light of the
ongoing debate about the validation of methods and
testing of systems under the conditions of the case.
Keywords: forensic voice comparison, formants,
validity, LPC order
1. INTRODUCTION
Within the field of forensic voice comparison there is
a growing trend towards integrating methods from
speech technology (i.e. automatic speaker
recognition; ASR) and linguistics and phonetics.
Historically these fields developed separately, but
there is now growing evidence that integrated
approaches can improve overall system performance
and help us better understand the behaviour of
systems under different conditions [8,10,13]. This is
especially important in the context of forensic
evidence, which must be explained to and understood
by non-specialist end-users (e.g. juries, police).
There has been increasing focus on the speaker
discriminatory potential of semi-automatic speaker
recognition (SASR) systems, which represent a
hybrid between ASR and linguistic-phonetic methods
[11]. SASR involves the extraction of linguisticphonetic acoustic features, typically formant
frequencies (long-term formant distributions;
LTFDs). Formants are extracted only from the vowel
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material within a sample and so some degree of preprocessing is required. This contrasts with ASR
systems that extract features from the entire speechactive portion of a sample. Modelling, scoring and
evaluation in SASR are performed automatically.
With good quality, or at least matched-quality
materials, SASR systems have been shown to
perform well, with studies reporting equal error rates
(EER) as low as 3-4% [3,9]. [14] provide the first
systematic analysis of channel mismatch on LTFDbased SASR systems. They examined system
performance and the sensitivity of log likelihood
ratios (LLRs) for individual speakers to channel
variation. Predictably, the best performance was
found using high quality studio samples, producing
an EER of 10% and a log LR cost (Cllr; [4]) of 0.37.
Performance degraded considerably with mismatched
recordings, with the comparison between high quality
suspect samples and low bit-rate GSM mobile phone
offender samples producing an EER of 32% and a Cllr
of 0.83. Despite variation in system performance,
LLRs for some speakers were found to be stable
across conditions, while other speakers were much
more sensitive to channel mismatch. The only
predictor of sensitivity was mean F3, such that
speakers with high mean F3 produced more variable
LLRs. It was suggested in [14] that this may be due
to measurement error issues.
Previously, SASR systems have been tested with
a single configuration of formant extraction settings
which are applied to all speakers across all conditions,
with little or no post-processing applied to deal with
measurement errors. However, it is well known that
formant measurements are sensitive to the settings
and software used [12] and to channel variation [6],
and that caution should be exercised over using
unchecked data [7]. The present study builds on [14]
to examine the effects of formants settings (LPC
order and the number of formants tracked) on both the
validity of SASR systems and the LLRs produced for
individual speakers. This study uses the same
materials across the same conditions as [14]: high
quality studio samples, landline telephone samples,
and two GSM mobile phone samples with high and
low bit-rates. Output is compared in terms of overall
system performance, as well as validity metrics for
individual speakers.

2. METHOD
2.1. Materials

Analysis was performed using recordings from 97
male, standard southern British English speakers aged
18 to 25 from the DyViS corpus [16]. Participants
were recorded in a mock police interview (Task1) and
a telephone conversation with an accomplice (Task2).
High quality, studio recordings of Task1 were used as
suspect samples. Task2 was used as the offender
sample. Four versions of Task2 were tested:
(1) High quality (HQ): To capture optimal
performance in matched conditions, the nearend, studio recordings were used.
(2) Landline telephone (TEL): These were
recordings made at the far-end of a landline
telephone line (downsampled to 8kHz).
(3) GSM mobile with high bit-rate (MOBHQ): 3G
GSM samples were created by downsampling to 8kHz and bandpass filtering
between 300Hz and 3400Hz. The GSM
codec was then applied using the AMR
Speech Codec Platform [2], which allows the
user to specify bit-rate and frame loss
settings. In the MOBHQ condition, a fixed bitrate of 12.2kb/s was used.
(4) GSM mobile with low bit-rate (MOBLQ): The
same procedures as above were applied, but
with a fixed bit-rate of 4.75kb/s.
2.2. Preparation of recordings

Samples were automatically divided into consonants
and vowels using stkCV [1]. For each speaker, 60
seconds of vowel material was used (see [13,14]).
2.3. Formant extraction

Formants were extracted from the vowel-only
samples using a 20ms window with 10ms shift. From
each frame, the first three formant frequencies and
bandwidths were extracted using the Snack Sound
Toolkit [19] with deltas (capturing dynamic frame-toframe variation) also appended. Different sets of
formant data were extracted using different settings:
based on LPC order (ranging from 12 to 16) and the
number of formants tracked (3 or 4).
2.3. Testing and evaluation

Four transmission conditions were tested in this
study: (i) HQ-HQ, (ii) HQ-TEL, (iii) HQ-MOBHQ,
and (iv) HQ-MOBLQ. Within each condition, three
variables relating to formant settings were analysed:
suspect LPC order, offender LPC order, and the
number of formants tracked. This produced a total of
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200 systems (50 systems in each condition) – the term
system here is used to describe a configuration of
settings, rather than the more specific use of the term
to describe an ASR system.
For each system, cross-validated same- (SS; 97)
and different-speaker (DS; 4,656) scores were
computed using GMM-UBM [16] with MAP
adaptation of means, variances, and weights. Crossvalidation was performed by retraining the UBM for
each comparison, excluding data from the suspect and
offender being compared each time. GMMs were
fitted using eight Gaussians (based on pre-testing).
Scores were then converted to LLRs using crossvalidated logistic regression [5]. This involved
calibrating each score individually, training the
logistic regression model on scores from comparisons
that did not involve the suspect or offender. This
produced parallel sets of calibrated LLRs that were
used to calculate the EER and Cllr for each system.
For both metrics, the closer the value is to zero the
better the performance.
The effects of channel and formant settings were
also assessed in terms of individual speakers. Within
each transmission condition, the SS and DS LLRs
from comparisons involving each speaker as suspect
or offender were extracted and used to calculate a
speaker-specific EER and Cllr – with 50 systems in
each condition, each speaker produced 50 SS LLRs
and 4,800 DS LLRs. Speaker-specific validity is used
here as a measure of a speaker’s sensitivity to changes
in formant settings (i.e. the higher the EER or Cllr the
more sensitive a speaker is to changing formant
settings). Importantly, the speaker-specific validity
metrics also capture the inherent discriminatory
potential of a speaker, and this interacts with their
sensitivity to formant settings. To account for this,
speaker-specific validity is examined in light of the
LLRs produced by individuals in the best performing
condition (in this case, HQ-HQ, Suspect LPC: 12,
Offender LPC: 12, tracking 3 formants).
3. RESULTS
Figure 1 displays two sets of system validity results.
These were chosen because they were the conditions
that produced the most and least variability in terms
of EER and Cllr. Figures showing the performance of
all
200
systems
can
be
found
here:
[https://vincehughes.files.wordpress.com/2019/03/all
systems.pdf]. The greatest variability was found in
the HQ-HQ condition using a suspect LPC order of
12 (which is, importantly, the default in Snack), with
EERs ranging from 7.9% to 32.8% and Cllrs ranging
from 0.28 to 0.84. This, more than any other
condition, highlights the potential magnitude of the
effects of formant settings on SASR performance.

Figure 1: System validity (EER and Cllr) in the most
(top: HQ-HQ, Suspect LPC = 12) and least (bottom:
HQ-MOBLQ, Suspect LPC = 16) variable conditions

formants were better (e.g. suspect LPC order of 12 in
the HQ-MOBLQ condition). This suggests that
changing formant settings does not have a uniform
effect on the system as a whole. Rather, different
settings are better for certain speakers.
Figure 2: Speaker-specific system validity (EER
and Cllr) in the four transmission conditions (each
dot represents a single speaker and is calculated
using their SS and DS LLRs across all settings)
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No systematic patterns were found in terms of the
effects on performance of LPC order or the number
of formants tracked. For some combinations of
suspect and offender LPC orders, tracking three
formants consistently outperformed tracking four
formants (e.g. suspect LPC order of 13 in the HQ-HQ
condition), while for other combinations four
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Figure 2 shows speaker-specific validity in the
four transmission conditions. To assess these
patterns, a Cllr of 1 was used as a threshold to
determine performance. A system that consistently
produces LLRs of 0 (i.e. provides no useful speaker
discriminatory information) will have a Cllr of 1.
Thus, a Cllr of less than 1 means that a system is
capturing speaker discriminatory information, while
a Cllr of more than 1 means very poor performance. It
is clear from Figure 2 that the proportion of speakers
producing Cllrs of more than 1 is greater in the
mismatched conditions (up to 15.46% in the MOBHQ
condition) compared with the matched, HQ-HQ
condition (5.15%). Given the results of overall system
testing, this is likely due to reduced speakerdiscriminatory power in the mismatched conditions,
rather than greater sensitivity of speakers to changes
in formant settings. However, a number of speakers
recurrently produced high Cllrs across conditions.
Notably, speaker #10 (DyViS code) produced Cllrs
over 1 in all four conditions, while speakers #32, #44,
#58, #103, and #111 produced Cllrs over 1 in three of
the four conditions. Examining these speakers in
more detail reveals some interesting patterns. For
some speakers (#32), the high Cllrs are due to the fact
that they are inherently difficult to match with
themselves, and to discriminate from others. Other
speakers (#58, #103, #111) produced strong SS and

DS LLRs in the optimal condition and so the high Cllrs
directly reflect sensitivity to formant settings. These
are, in a way, the most problematic speakers in terms
of choosing formant settings, since changes to
settings have a dramatic effect on their LLRs, leading
them to produce more high magnitude errors. Finally,
some speakers (#10, #44) display an interaction
between discriminatory power and sensitivity to
formant settings. These speakers generally produce
average to weak LLRs, but are by no means the worst
performing speakers in the system. Since their LLRs
are inherently closer to the threshold, even small
variation in formants as a result of the settings used
can have a substantial effect on the proportion and
magnitude of errors.
4. DISCUSSION
4.1. Overall performance

Our results show that SASR performance is heavily
dependent on the formant settings used. This is the
case even, and in fact most notably, in high quality
conditions where the overall speaker discriminatory
power is likely to be higher. The results serve as a
reminder to exercise caution when interpreting the
performance of an SASR system which has only been
tested with a single set of settings. At the very least,
SASR systems should be tested with different settings
to assess the best configuration for the comparison in
a case. This would also provide a means of
understanding the potential range of results the SASR
system could produce with different settings.
4.2. The role of the individual in system testing

The lack of systematic patterns show that individuals
are not affected equally by changes in formant
settings across transmission conditions. Some
individuals are, on the whole, more or less sensitive
to changes in formant settings. Other individuals are
likely to be sensitive only to specific changes in
formant settings.
The issue of the role of individual speakers within
a system is important in the context of the wider
debate about the paradigm shift across forensic
science and calls for the testing of systems under the
conditions of the case at trial. Morrison [15] states
that “the test data must be sufficiently representative
of the relevant population and sufficiently reflective
of the speaking styles and recording conditions in the
case.” It is, of course, useful to know how well your
system performs generally with such test data.
However, ultimately, the issue is that the analyst
needs to know the probability of having made an error
(i.e. producing a contrary-to-fact LR) for the specific
suspect and offender in the case, rather than the
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general performance of the system. Using test data of
the type described by Morrison [15] does not
necessarily answer this question.
We would argue that it is more critical to
understand the behaviour of individual speakers, or
types of speakers, within the system, and thus be able
to predict how specific suspect and offender voices
may perform. This requires knowledge of the factors
that alter speaker behaviour in a system. Clearly, as
this study has shown, formant settings are one such
factor. However, the broader questions of why
speakers are more or less sensitive to changes in
formant settings and why this affects speaker
discrimination are more difficult to answer. It is well
known, to those who often measure formants
manually, that some speakers’ formants are much
harder to track than others. The potential reasons for
this are likely numerous and complicated. Phonation
(laryngeal voice quality) is one potential explanation.
Speakers with habitually non-modal phonation may
produce more formant errors since they provide a
poorer fit to the LPC model. However, we found no
consistent pattern when analysing the voice quality
profiles (from [18]) of the problematic speakers
identified at the end of section 3. The variability in
formant measurements may also be due to filter
configurations that generate wide bandwidths and,
thus, less prominent peaks, as well as natural withinspeaker variability in the voice. However, more
research is required to explore these issues.
5. CONCLUSIONS
This study highlights the importance of formant
settings across different transmission conditions in
testing SASR systems. The results show that
individuals are sensitive to these factors to different
extents, and that this sensitivity interacts with speaker
discriminatory potential to affect the resulting LLRs.
The results here are also relevant to the wider
phonetic community. In line with [7], caution should
be exercised using automatically generated formant
data, especially in the context of large-scale, corpusbased studies that rely on the scale of data to reveal
subtle effects; e.g. related to predictability. Given our
findings, we consider it preferable for any phonetic
study using formant measurements to minimally use
speaker-specific settings. However, as suggested by
[12] it may be that vowel-specific settings are also
necessary.
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ABSTRACT
Social expectations and stereotypes may benefit or
hinder speech intelligibility. Here we examine the
conditions under which intelligibility of non-native
speech changes as a function of the speaker’s
nationality. Specifically, we examine whether
information about a speaker’s country of origin
enhances intelligibility of Arabic-accented speech in
noise. Participants transcribed utterances spoken by
a Syrian man after being given information about the
speaker’s background. When listeners were told that
the speaker came from Syria, they made more
transcription errors than when told that the speaker
came from Portugal or when the country of origin
remained unspecified. This suggests that information
about nationality leads to expectations that affect
intelligibility, but that these expectations vary for
different nationalities. The results underline the
necessity to view and model stereotypes and social
expectations in a graded way.
Keywords: Arabic-accented speech, nationality,
ethnicity, speech intelligibility, social expectations.
1. INTRODUCTION
A substantial body of research shows that speaker
attributes, such as gender, ethnicity, social
affiliation, or age, influence speech perception and
evaluation of a speaker and his/her language [1, 3, 7,
11, 12, 13, 15, 18, 19, 20, 23, 25]. For example, [23]
has shown that the perception of t/d-deletion in
English is modulated by speaker ethnicity. Listeners
were more likely to link a t/d-realization in spoken
English to a Caucasian speaker and a t/d-deletion to
an Afro-American speaker. Such implicit knowledge
and associations with speakers depicted on
photographs also affected processing of ambiguous
sentences. These stereotype-driven expectations
activated phonological knowledge that led to
differential processing of ambiguous words. Similar
results were obtained for the reduction of word-final
nasal -ING [4]. When realized as a single phoneme
/n/, speech was perceived as less formal and the
speaker as less educated, while the full realization
was perceived as more formal and the speaker as
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more intelligent. To evoke social stereotypes and
expectations, it seems sufficient to merely mention a
geographic background of the speaker [19]. When
asked to choose a matching vowel from a range of
resynthesized vowels, participants who were told
that the speaker was Canadian chose raiseddiphthong tokens, while participants believing that
the speaker was from Detroit did not.
The evaluation of speech seems deeply linked
with the evaluation of speakers [17, 20]. One of the
first studies to show this link [20] applied the
matched-guise technique and reported that hearing a
native speaker of Standard American English while
seeing a photograph of an Asian American woman
led to reduced comprehension and more negative
comprehensibility and competence ratings compared
to the same speaker presented along with a
photograph of a Caucasian woman. The results were
explained with a bias-based model of social speech
processing. Due to biases against non-native
speakers, the perceived ethnicity of a speaker led to
a negative perception of Standard American speech.
Follow-up studies replicated the general pattern
of results but argued against a bias-based approach.
For example, [1] reported that speech intelligibility
(as measured by the proportion of transcribed words
in utterances) dropped when native speakers of
Canadian English were presented along with
photographs of Asian men compared to Caucasian
men. These results were interpreted based on social
expectations: Listeners expect hearing foreignaccented speech upon seeing an Asian speaker and
intelligibility was enhanced if the expected and
perceived speech matched. The authors explain the
results within the dual-route framework [24] that
links social and linguistic representations.
A similar framework was suggested by [18], who
reports the opposite effect for non-native speech.
When the ethnicity of the ostensible speaker was
Chinese, and her photograph was presented along
with Chinese-accented speech, intelligibility was
enhanced relative to the same speech presented
along a photograph of a Caucasian speaker. [18]
used a matched-guise task and a between-subject
design. Three groups of participants were assigned
to one of three conditions: While listening to the
same Chinese-accented speaker of English in noise,

they either saw the picture of a Chinese speaker
(congruent condition), a Caucasian speaker
(incongruent condition), or an uninformative
silhouette (control condition). Speech intelligibility
(the proportion of correct transcriptions of the last
word of each sentence) was higher in the congruent
condition than the other two conditions. This result
was interpreted in terms of matching social
expectations triggered by a Chinese speaker. [18]
argued that the results do not support a bias-based
view [17, 20], according to which listeners reduce
their attention to the speech signal or consciously
misunderstand it due to stereotypes and biases. [18]
argues for an exemplar-based model of socially
indexed speech perception. Following this account,
activation of a given social category will result in the
activation of episodic traces that are consistent with
or linked to the given social category. Thus, seeing a
Chinese speaker should activate Chinese-accented
speech and thus enhance intelligibility.
It remains unclear, however, how generalizable
these effects are to other social categories and nonnative accents. [18] used Asian-accented speech in
his study, and listeners were familiar with this
accent, at least to some extent, since Asians are a
large immigrant group in the United States of
America. The question arises how intelligibility is
affected when listeners’ familiarity with a given
foreign-accent and a given ethnicity or nationality is
limited or less detailed.
In the present study, we apply a similar design as
[18] with two crucial differences: We provided
participants only verbal information about where the
non-native speaker came from (no photographs were
shown in this study), and we created three congruent
conditions with non-native speech that matches a
non-native speaker. The mismatch that we
implemented resulted only from the labeled
nationality of the non-native speaker. We presented
Arabic-accented German in three guises: a matching
nationality of the speaker (Syria), a mismatching
nationality of the speaker (Portugal), and an
unspecified nationality of the speaker (a learner of
German as a foreign language).
There were at least three possible outcomes for
how nationality might affect speech intelligibility.
Following the exemplar-based approach, the label
“non-native speaker“ will activate episodic traces
that are consistent with the social category of a nonnative speaker. This could lead to two possible
outcomes. Listeners might perceive a general match
(congruency) between the foreign nationality and the
foreign accent in all conditions, leading to a
comparable intelligibility performance (null result).
Alternatively, listeners might recognize the accent to
be Arabic and hence perceive a match between
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accent and speaker in the Syrian guise and a
mismatch in the Portuguese guise. In this case, the
intelligibility of the Syrian speaker should increase
relative to the Portuguese speaker, in line with [18].
The third option would be that, since the
knowledge about social categories is relatively
detailed [3, 13, 23], listeners link the labels Syria
and Portugal to the category “non-native speakers”
but that the associations for each of these labels
differ along several dimensions, resulting in
differences in speech intelligibility.
One of these dimensions concerns cultural
proximity. A speaker from Syria is likely to be
perceived as culturally more distant while Portugal
is culturally less distant to Germans. Cultural
proximity is interpreted in the literature in distinct
ways; here we refer to perceived differences
between two cultures with an emphasis on likemindedness, geographic background, culture,
language, and religion [for a review, see 21]. Given
the prominence of Syria in the media at the time of
testing (January 2016, just after the migration wave),
we expected that listeners would more likely
associate the label Syria with non-EU members,
refugees, armed conflicts, migration, Arabic, and
beginner learners of German. Portugal on the other
hand is an EU-member and would signal cultural
and historical proximity as well as a popular
vacation destination. Since social expectations, prior
knowledge, attitudes, and prejudice play an
important role in speaker evaluation [1, 6, 7, 8, 11,
14, 15, 16, 18], perceived cultural proximity might
lead to different expectations concerning German
proficiency. Thus a Portuguese speaker would likely
be expected to be more proficient in German, not
only due to a long European tradition of teaching
German as a foreign language, but also due to the ingroup status as an EU-member. These expectations
could then lead to increased intelligibility of the
Portuguese speaker compared to the Syrian speaker.
It is important to note that we expected that
German listeners would not have detailed episodic
traces for accented German spoken by a Syrian or a
Portuguese speaker. In 2015, Syria became the most
important migration group coming to Germany [22],
when about 158,657 Syrian refugees were registered
within a few months. In the same year, only 133,929
Portuguese immigrants have lived in Germany. They
have a different migrant status due to their
membership in the EU and have been a small but
relatively stable group in German society during the
five years preceding this study. Therefore, we
assumed that listeners would not easily identify an
Arabic-accented or Portuguese-accented German.
Since ability to determine a speaker’s first language
improves with increasing familiarity [5], we

reasoned that listeners would not be consciously
aware of the mismatch between the label Portuguese
speaker and the Arabic accent.
2. EXPERIMENT
2.1. Methods

2.1.1. Participants
Participants were 48 native speakers of German
(mean age 24.5, range 20-30, 27 women) with no
reported hearing difficulties. They were students and
postgraduates at the University of Freiburg and
volunteered to participate.

nationality of the foreign student. The first group
was told that the learner came from Syria. The
second group was told that he came from Portugal.
The third group was told that the student was from a
foreign country.
Participants were presented with each utterance
over loudspeaker one at a time. After each utterance,
participants were asked to write down what the
speaker said on a structured sheet indicating the
number of each sentence. There was no time
pressure for responses. After the transcription task
was completed, participants completed the
questionnaire.
2.2. Results

2.2.1. Transcription accuracy

A set of 20 grammatically correct sentences
(comparable to previous studies) was constructed
(three practice trials and 17 critical sentences). The
sentences consisted of six to nine words and were
descriptive of the speaker and his native country
(e.g. Mein Haus stand am Ende der Straße. “My
house was at the end of the street”, Meine
Großeltern wohnten im nächsten Dorf. “My
grandparents lived in the neighboring village”). A
native speaker of Arabic from Syria was audiorecorded while reading the sentences. He learned
German for approximately ten months at the time of
the recordings and had an audible non-native accent.
The audio-recordings were made in a home for
refugees. All sentences were embedded in
background noise that was created with Praat
(formula randomGauss(0,0.1), noise 80dB and
sentences 70dB). In addition, a questionnaire was
prepared containing demographic questions, a selfevaluation, and questions of experience with living
abroad, experience with foreign-accented German,
and involvement in helping or teaching refugees.
Speaker ratings on a scale from 0 to 5 were also
included to assess sympathy, trustworthiness,
comprehensibility, accent, and proximity of their
own culture to the speaker’s culture. The endpoint
labels were provided individually for each question.

Word responses were coded in a binary fashion as
correct or incorrect (in line with previous studies).
Typographical errors (e.g. Großer Bruder “big
brother” instead of großer Bruder) and number
errors (e.g. Bruder “brother” instead of “Brüder”
“brothers”) were rated as correct.

2.1.3. Procedure
Participants were tested in three groups of 16 in a
quiet room.1 They were seated at a table and
received a sheet of paper and a pen. They were told
that the experiment tested comprehensibility of
foreign students of “German as a foreign language”
and that they would hear one student who had been
in Germany for 10 months and had been learning
German ever since. The only difference between the
three groups was the information provided about the
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Figure 1: Mean proportion of correct transcriptions and
standard errors in the three groups.

As seen in Figure 1, transcription accuracy was
lower in the Syrian condition compared to the other
two conditions. There were 31.6 % errors in the
Syrian group, 20.6 % errors in the Portuguese group,
and 24.6% errors in the control group. A logistic
mixed effects regression model (R package lme4,
[2]) for binary responses was fitted to the data.
Transcription accuracy was taken as the dependent
variable. Group (Syria, Portugal, Control) was
entered as a fixed effect. Participants and items were
modeled with random intercepts. Random slopes
were also included in order to capture effects of
Group on items. Compared to the Syrian group,
there was a significant increase in transcription
accuracy in the Portuguese group (β = 0.72, z = 3.21,
p = 0.0013) and in the control group (β = 0.42, z =

2.22, p = 0.0265). There was no difference in
accuracy between the control group and the
Portuguese group (β = 0.30, z = 1.48, p = 0.139).
2.2.2. Questionnaire
Mean ratings for each group are provided in Table 1.
We applied linear regression as well as a Wilcoxon
Signed-ranks test and found no significant
differences between the three groups. Even though
descriptively there was a tendency to rate the
cultural background of the Syrian speaker as more
distant compared to the other two groups, this
difference failed to reach significance, likely due to
a relatively small number of data points.
Syria
Portugal Control
Comprehensibility
3.3 (0.9) 2.9 (0.9) 2.8 (1.2)
(5 = very good)
Accentedness
3.5 (1.0) 3.5 (0.7) 3.3 (1.0)
(5 = strong)
Sympathy
3.9 (0.7) 3.6 (1.0) 3.8 (0.9)
(5 = high)
Trustworthiness
3.9 (0.8) 3.8 (0.8) 3.6 (0.7)
(5 = high)
Cultural proximity
2.5 (1.2) 3.0 (1.0) 2.7 (1.1)
(5 = strong)
Table 1: Mean speaker ratings for each group.
Standard deviation is provided in brackets.

3. DISCUSSION
Using a matched-guise task, we presented Arabicaccented German speech in noise and asked
participants to write down what the speaker said.
When participants were told that the speaker was
Syrian (match between speaker and accent), they
performed worse than when told that the speaker
was Portuguese (mismatch between speaker and
accent) or when no specific country of origin was
provided.
There are several possible explanations for why
the Syrian guise was least intelligible. One
possibility is that participants’ expectations towards
the Syrian’s German proficiency were lower than
towards the Portuguese speaker or the speaker in the
neutral condition. The Syrian refugees’ situation had
been present on daily basis in the German media in
2015 and 2016. Syrian people were therefore likely
to be perceived as a new group of immigrants in
need of linguistic integration and this might have led
to lower expectations towards their linguistic skills.
Second, it is possible that the cultural proximity
also modulated expectations and assessments of
proficiency. As an EU-member, Portugal is more
likely to have an in-group status, while Syria is not
part of Europe and likely to have an out-group
status. Even though the ratings showed a tendency to
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perceive the Syrian speaker as culturally more
distant from Germans than the Portuguese speaker,
they did not reach significance. Nevertheless, factors
such as cultural proximity and in-group and outgroup membership may lead to different
expectations towards linguistic skills and affect
intelligibility. While the subjective ratings in this
study were positive overall and do not confirm
negative biases towards different groups, the
possibility that they influence speech intelligibility
cannot be excluded. According to previous studies,
stigmatized groups and their language are often rated
negatively [16, 17]. In contrast, the rating data here
did not show any significant patterns that would
mirror the intelligibility data. While differences in
subjective ratings and functional data such as
intelligibility are not necessarily surprising [9, 10],
rating data cab vary and even be shifted within an
experiment depending on various factors (e.g. static
vs. moving pictures) [26]. Future studies should
examine additional nationalities and in-group/outgroup memberships to show the exact nature of such
linguistic expectations.
Finally, it is important to note that we only
included one speaker in a between-subject design.
While this was intended to keep the design (as well
as the number of participants) similar to [18], it
could be argued that a within-subject design and
more speakers would yield a different result.
However, given that social effects on speech
intelligibility or evaluation have been replicated in
both between- and within-subject designs and with
one or more speakers [1, 11, 18], this factor alone
probably cannot account for the present findings.
Taken together, the results indicate that speech
intelligibility is affected by factors that are not
exclusively linked to biases towards non-native
speakers, as suggested by [20], or to episodic traces
and a simple congruency between a non-native
speech and a non-native speaker [18]. It seems that
the effect of non-linguistic information on speech
processing is based on more complex knowledge
about social categories that cannot be reduced to the
notion of ‘familiarity’ since [18] showed that it
doesn’t influence the intelligibility rate [but see 16].
The fact that information about a non-native
speaker’s
nationality
co-determined
speech
intelligibility suggests that a more nuanced view of
social expectations, as well as in-group and outgroup memberships is needed. A framework that
links social categories and linguistic representations
may account for these results, but it remains to be
addressed which specific social categories are
activated that alter processing of an otherwise
identical speech signal.
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ABSTRACT
This paper investigates within and between session
variability using a subset of 60 British English male
speakers from the WYRED project. Three separate
speaking tasks were compared using extracted ivector PLDA scores within iVOCALISE. Different
speaker pairs from contemporaneous (within-session)
recordings and non-contemporaneous (betweensession) recordings were tested. A within-session,
between-task comparison was also performed in
order to consider variation in speech style in addition
to non-contemporaneity. EER and Cllr values indicate
that non-contemporaneity is not the only factor which
needs to be taken into account when conducting
phonetic analysis or evaluating speaker comparison
systems, as speech style also seems to play an
important role. Further analysis supports the
requirement for (forensic/socio-) phoneticians to
sample data from the entirety of a recording,
especially if the nature of the speech elicitation may
change during the task, as the degree of variability is
dependent on which portion of the sound file is
sampled.
Keywords: Non-contemporaneous, forensic speaker
comparison, phonetic analysis, i-vector, variation
1. INTRODUCTION
It is well known that voices are highly plastic, and
variability in a person’s speech can be caused by a
number of factors (e.g. interlocutor, style, topic,
health, time of day, etc.). For this reason, the best way
to capture variability in speech is often to collect data
from multiple sessions via tasks that elicit a range of
speech styles. Despite this, phonetic, sociolinguistic,
and forensic speech science research often involves
analysis using data from only a single speaking task.
Furthermore, the data used for analysis is sometimes
only extracted from a sub-section of a recording (e.g.
the beginning or middle). Consequently, the extent to
which speakers vary within tasks, within recording
sessions, and across recording sessions is not fully
understood. This motivates the need for empirical
testing of the levels of intra-speaker variability that
exist within and between tasks, made over different
recording sessions.
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A recent study compared a range of data collection
methodologies with sociolinguistic variation in mind,
and reflected on the usefulness of analysing large
volumes of data containing stylistic variability when
using controlled and replicable laboratory recordings
[3]. If laboratory recordings included data from the
same speaker recorded over separate sessions,
stylistic variability between and within sessions could
be examined.
The importance of using between-session
recordings has been highlighted as a factor that can
hinder speaker recognition ability [15] and therefore
provides a significant concern to forensic speech
scientists, due to the inherent variability present [8,
13, 14]. Automatic speaker recognition (ASR)
systems are being used more and more frequently in
casework around the world [9]. For this reason, it is
crucial that the performance of these systems are
tested under experimental conditions, using
forensically relevant data. A variety of both acousticphonetic and ASR systems were found to
overestimate the validity and reliability of results
when only within-session data was considered [8] and
results degraded in ASR systems when using
between-session recordings [17]. The ASR studies
involved the use of Gaussian Mixture Model Universal Background Model (GMM-UBM)
approach and Mel Frequency Cepstral Coefficients
(MFCCs). One recent study focussing on the effect of
speaking style on between-session recordings,
compared MFCCs using state-of-the-art i-vector
probabilistic linear discriminant analysis (PLDA)
[12]. The study modified recordings to make them
more forensically realistic. Results indicated that
mismatched data had a negligible effect on system
performance. However, this contrasts with the
findings of another recent study [18] that tested how
well LTF0 performs, using a likelihood ratio
framework, under both matched and mismatched
conditions in terms of speech style. They found that
the strength of forensic speaker recognition evidence
was weaker under mismatched conditions than the
matched conditions.
The focus of this paper is to review the relative
speaker
discriminatory
performance
of
contemporaneous (within-session) and noncontemporaneous (between-session) comparisons
using data from the West Yorkshire Regional English

Database (WYRED) [10]. Using iVOCALISE [1],
levels of intra- and inter-speaker variation are
extracted in order to quantify the strength of the
evidence with respect to the competing same-speaker
and different-speaker hypotheses. When levels of
intra-speaker variation are low, and inter-speaker
variability is high, the system is expected to perform
well. When the system performs perfectly, all same
speaker and different speaker pairs are correctly
identified. By using contemporaneous and noncontemporaneous data, it is possible to evaluate to
what degree non-contemporaneity causes intraspeaker variation to increase.
The inclusion of data from the WYRED project
allows for the analysis of a large volume of studio
quality recordings, from a carefully stratified
population, over three distinct spontaneous speaking
tasks. This enables three within-task comparisons,
two within-session between-task comparisons
(recorded on the same day), and four between-session
comparisons recorded at least six days apart. This
multi-file analysis allows for exploration of
variability in stylistic differences that may be present
within the separate laboratory recorded tasks.
2. METHODOLOGY
2.1. Data

WYRED is the largest forensically-relevant database
of British English speech. In total, 180 participants
were recorded undertaking four style-controlled
tasks. The current study includes a subset of 60
speakers equally divided across three boroughs
within West Yorkshire (Northern England):
Bradford, Kirklees, and Wakefield. All speakers are
native British monolingual males, aged 18-30, who
grew up and went to school in West Yorkshire.
2.2. Recording sessions

Recordings were carried out over two separate
sessions. Participants recorded the first two tasks on
their initial visit, and recorded the final two tasks in
their second visit. Session 1 and 2 were recorded a
minimum of six days apart for all participants, but due
to limitations in recruitment and participant
availability some participants attended their second
session up to 104 days later. The average length
between Session 1 and Session 2 was 17.3 days. The
tasks within Session 1 were adaptations of the first
two tasks used in the DyViS database [16]. The first
task in Session 2 was a paired conversation using
adapted topic prompt cards [19] and the second was
an experimental task where the participant left an
answerphone message. Further details on the tasks are
provided in [10].
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2.3. Recording set-up

The database was recorded in a purpose-built sound
booth. High quality recordings were made using a
Sennheiser HSP 4 omnidirectional headband
microphone and recorded onto a Marantz PMD661
MKII Handheld Solid State Recorder in PCM WAV
format (44.1kHz, 16 bit). Only studio quality
recordings were used in this investigation.
It is important to note that similar studies
examining the effect of speaker style on noncontemporaneous recordings have attempted to
replicate a realistic forensic case comparison by
simulating extrinsic conditions that may be found
[12]. However, the current study seeks to examine
results from a controlled baseline to review noncontemporaneity and mismatched speech styles using
high quality studio data.
2.4. Preparation of files

Prior to analysis, the original sound files for all 60
speakers were manually edited to remove any
interlocutor speech and background noises (e.g.
coughs, sneezes, fidgeting noises) within Praat [4].
This reduced the length of the files that were used for
this investigation. Each task was subsequently
divided into two halves. The two halves were
necessary to carry out within-task comparisons, as
well as increasing the overall number of comparisons
within and between session recordings. We split task
files in half to capture the level of variation present
within each recording.
A decision was made to exclude the WYRED
Task 4 recordings in this study as the resulting files
were considered to have an insufficient amount of net
speech (min length: 31s, max length: 93s, average
length: 63s). As speaker recognition performance can
be highly influenced by file length [11], the durational
difference between Task 4 and the other three tasks
was considered too great. Table 1 provides a
summary of the minimum, maximum and average file
length of recordings used in this study, after being
edited and divided in half.
Table 1: Amount of net speech per task

Task
Session 1:
1. Mock Police Interview
2. Accomplice Call
Session 2:
3. Paired Conversation

Min
(sec)

Max
(sec)

Avg
(sec)

137
277

668
499

301
373

62

470

235

2.5. Forensic speaker comparison system

Forensic speaker comparisons were performed using
iVOCALISE [1]. Using the classifier framework of ivector – PLDA [6, 7], MFCCs were obtained for all
speaker files. Default settings were used: 13 MFCCs
extracted, Delta features selected, 24 Filter banks,
Channel Normalisation: Mean Subtraction, 1024
Gaussians, and 10 Train Cycles.
Nine multi-file comparisons were performed
using pre-trained models within iVOCALISE as a
reference sample and results were calibrated using a
reference normalisation subset of 60 different (nontest), studio quality WYRED speakers. This created
matrices of i-vector PLDA scores which were then
cross-validated using Bio-Metrics [2], in order to
calculate Equal Error Rate (EER) and LogLikelihood Ratio Cost (Cllr) results [5].
3. RESULTS
Nine comparisons were performed: three within-task,
two within-session across separate tasks, and four
between-sessions. Figure 1 shows the system
performance in each iteration, evaluated in terms of
validity using Cllr and EER (the higher the values the
poorer the system performance). The axes have been
foreshortened in order to visualise the small scores.
3.1. Within-task results

Figure 1 shows that all three of the contemporaneous
comparisons, comparing the two halves (P1, P2) of

Tasks 1, 2 and 3, respectively, resulted in a EER of
0% and a Cllr value of <0.001. This means that all
same speaker pairs and different speaker pairs were
correctly identified, signalling that there were greater
levels of inter-speaker variation than intra-speaker
variation within the individual tasks. These results are
not considered to be surprising when taking into
account the fact that they were obtained using
samples that matched in terms of technical quality
(they were all high quality studio recordings
containing little to no background noise), and were
obtained using a state-of-the-art i-vector framework
[6, 7].
It should be noted here that the specific EER and
Cllr values obtained are not the focus, as we are not
testing how well the i-vector framework works in
general; rather, it is the relative system performance
in the subsequent comparisons that we are interested
in, as these will demonstrate the effect of using
mismatched data in terms of task and noncontemporaneity.
3.2. Within-session, between-task results

Within-session, between-task results were initially
obtained by comparing the first half of Task 1 with
the first half of Task 2. The recording tasks in the first
WYRED recording session were completed one after
the other, with a gap of approximately five minutes
between them while instructions were provided for
Task 2. The set-up remained the same, in that the
participant remained in the same seat wearing a

Figure 1. Multi-file comparisons of performance of all iterations based on EER and Cllr values
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headset, but a wireless telephone was introduced and
the research assistant left the booth before Task 2
began. Task 1 and Task 2 involved different female
interlocutors.
Although these tasks could be
considered to be “contemporaneous”, in Figure 1 it
can be seen that system performance reduces
compared to the within-task comparisons, as the EER
and Cllr values increase slightly. This may be the
result of differences in speech style elicited between
Tasks 1 and 2. If this is the case, these differences
may have been more extreme by the second half of
the two tasks, as system performance decreases
further when we compare the second halves of Task
1 and 2. However, the EER and Cllr values remained
relatively low. Levels of intra-speaker variation
between-tasks are greater than those within-tasks,
however, levels of inter-speaker variation still allow
for the correct identification of same and different
speaker pairs in the most comparisons.
3.3. Between-session results

Four between-session comparisons were made,
comparing the halves of Task 1 and Task 3, and then
Task 2 and Task 3. The comparisons resulted in the
first half of the tasks performing better than the
second half, but Task 2 compared with Task 3
produced the highest values of both EER and Cllr.

3.3.2. Task 2 vs. Task 3
Both comparisons of Task 2 and Task 3 yielded
higher EER and Cllr values than any other
comparison, indicating the greatest values of intraspeaker variation. The higher overall values could
reflect that the variation in between-session
recordings are emphasised when speech style differs.
In Task 2 the speaker is in isolation using a telephone
rather than participating in a face-to-face interaction.
The comparison of the second half of the
recordings follow a similar pattern to Task 1 versus
Task 3, as the EER degrades in the latter part of both
tasks. This emphasises the importance of sampling
throughout the entirety of a recording to reflect the
variation found within a single speech sample.
4. DISCUSSION
It should be noted that there are limitations within the
dataset used for this investigation. The length of
recordings was not controlled, and this could have
had an impact on the performance of the system [11].
Although Task 4 was omitted from the study due to
its extremely short length and limited data, the other
tasks varied in length, per speaker, and between tasks.
The focus of this study was in the relative
performance of the high-quality studio recordings
between and within sessions.

3.3.1. Task 1 vs. Task 3
5. CONCLUSION
Task 1 and Task 3 were recorded at least six days
apart, but were recorded in the same sound booth,
using the same equipment, and involved face-to-face
interactions. The style of recording varied as Task 1
involved a high number of closed questions that could
be answered by referring to a map task in front of
them. Task 3 began using prompt cards with open
ended questions. Participants in Task 3 were all male,
from the same boroughs, and often similar postcodes.
The speech style was informal, often contained
laughter, and sometimes included mimicked speech.
The Cllr and EER values of the first half of Task 1
and Task 3 are relatively comparable with the
comparison of first half of Task 1 and Task 2 with
EER <0.05% and Cllr <0.05. However, when the
second half of Task 1 and Task 3 were compared, the
Cllr value remained stable but the EER value notably
increased. This may reflect the unscripted nature and
inherent variation present in Task 3, as participants
relaxed and used prompt cards less frequently in the
latter half of the recording. Furthermore, the length
and content of speech in Task 3 per participant was
less controlled than Task 1, lending more potential
variation between speakers. The levels of intraspeaker variation increased between-sessions to a
greater extent in the second half of the tasks.
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This paper has highlighted the variation that occurs
within a recording session, between two separate
tasks, and across recording sessions that were
recorded on different days. Furthermore, the extent to
which the comparison results vary is dependent upon
which portion of the recording has been chosen for
analysis. The results have been found to degrade
when the second half of the recordings were
compared. This is especially apparent when the
nature of the task elicits stylistically varied speech
due to its unscripted nature. As speaking styles differ,
the level of variation in speech appears to increase.
The influence of speech style is emphasised further
when comparing non-contemporaneous recordings.
In order to more accurately reflect forensic
speaker comparison cases, future research would
benefit by controlling for file lengths, the amount of
data present, and introducing extrinsic factors such as
channel mismatch. However, it is important that
speaking style is not overlooked as a factor. It is also
important for phonetic and sociophonetic research
that the data analysed from a task or across tasks is
sampled over the entirety of a recording, and not
limited to a specific selection of the task, in order to
get a better overall picture of a speaker’s voice.
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ABSTRACT
Voice onset time (VOT) has been shown to vary with
speaker’s sex, but current cross-language
developmental studies lack the ability to explain how
sex-specific speech patterns come about independent
of a specific-language context. In this research, we
examined English- and Mandarin-speaking children
and adolescents aged 6 to 17 to determine crosslanguage similarities and differences. VOT of wordinitial /t/ and /d/ was measured and normalized by
vowel and word duration to control for speech rate.
We found that in both languages, adolescent boys
produced significantly longer VOT for /t/. No age or
sex-related difference was found for /d/. The patterns
are similar across the two languages. These results
suggest that at least part of the sex-specific VOT
patterns can be attributed to biological factors, and in
our study, most likely anatomical differences that
separate the two sexes in adolescence.
Keywords: VOT development, cross-language,
English, Mandarin
1. INTRODUCTION
Human speech simultaneously encodes
linguistic information and a variety of other personal
dimensions of a speaker, including age, geographic
and dialect provenance, educational background and
socioeconomic standing [21, 36, 37]. However, by far
the most salient variations in adult speech are those
that cue a speaker’s sex [44].
Sex-specific speech production patterns have
been attested in a wide variety of speech sounds in
both adult and children’s speech. For example, the
two sexes are noted for their differentiated ways of
producing vowels. In general, women produce
vowels with higher voice pitch and formants
frequencies than men [12, 36, 40]. These sex-specific
vowel production differences are also evident in the
speech of children and adolescents [1, 3, 6, 9, 33, 22,
36]. Another example is the sibilant /s/, which has
been noted for its sex-differentiated feature [7, 8, 11,
14, 23, 26, 31, 42]. Women articulate /s/ with a more
anterior tongue tip constriction in the oral cavity,
resulting in more high-frequency components in the
fricative noise spectrum, while men's tongue tip
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positions are further back which yields energy in a
lower spectral frequency range. Boys and girls start to
diverge in their /s/ production as early as age 4 and 5
years [7, 18, 25]. Boys with gender identity disorders
are also found to produce a more anterior variant of
/s/ than gender-typical boys [34].
Voice onset time of voiceless stop consonants
(/p/ as in pea, /t/ as in tea, and /k/ as in key) are sexspecific [19, 24, 38, 39, 41, 42, 43, 47, 48]. Adult
women produce /p/, /t/, and /k/ with longer voice
onset time (VOT) than men. VOT is the temporal
difference between oral closure and onset of vocal
fold vibration and is an effective acoustic parameter
in differentiating stop consonants in many languages
[5, 27].
By far, most such reports on the sex-specific
VOT productions are on English. Although there
exist controversies regarding the magnitude of the sex
difference, the general consensus is that females
produce longer VOT for voiceless aspirated stops
(e.g. /p/ as in pea, /t/ as in tea, and /k/ as in key) than
males [19, 38, 39, 42, 45, 47, 48].
Interestingly, the sex-related difference in VOT
has also been reported in Mandarin Chinese. Similar
to English, Mandarin has a two-way contrast system
in stop consonants between voiced and voiceless
stops that are phonetically realized as voiceless
unaspirated and voiceless aspirated stops [4]. Also
similar to English, adult females are found to produce
longer VOT for voiceless aspirated stops than males
[24, 29]. In a recent study that compared the adult
speakers of the two languages in their stop
productions, the similar trend in sex differentiation
between the two languages has been confirmed, along
with the finding that the sex difference is more robust
in Mandarin than in English [45].
The origin of the sex difference in VOT is not
well understood and is likely to be both biologicaland socially-conditioned [46, 49]. However, the
cross-language similarities found in previous studies
suggest more towards the biological nature of this
sex-specific speech pattern.
Developmental studies that elucidate the origin
of sex-specific VOT patterns in adult speech are
scarce in both English and Mandarin. Most studies on
VOT development focus on infants or children before
school age [13, 15, 17, 30]. Among the studies that

examine older children, the effect of sex is very often
neglected [10, 28, 33, 35, 50].
As far as we know, there is only one recent study
on the development of English-speaking children and
adolescents that is specifically focused on the effect
of children’s sex [49]. In that study, VOT of wordinitial /p/ were examined on 70 English speakers
ranged in age from 4 to 18 years old. They found a
significant effect of sex on children between age 8
and 11, in which boys are found to produce longer
VOT values than girls. For Mandarin, again, only one
recent study that specifically investigated the effect of
speaker sex on children’s VOT productions [29].
Eighty-five children over the age span of 6 to 18 were
examined when producing three pairs of Mandarin
stops in the labial, alveolar, and velar positions.
Different from Yu et al.[49], Ma et al. [29] did not
find greater values of VOT in boys’ productions.
Instead, they reported that females exhibited longer
voiceless VOT throughout childhood and
adolescents. This effect was less pronounced during
the onset of male puberty at age 12 but became
stronger into adolescence and adulthood.
The varied results reported in past research could
be in part due to a difference in research
methodologies, and the small number of participants
tested. Often the type of stimulus used in these
experiments is inconsistent with each other, making
comparison difficult. For example, while Yu et al.
[49] and Ma et al. [29] both have similar acoustic
stimuli, the speaker’s speech rate was not controlled
in either experiment. Speech rate has been shown to
significantly affect VOT values, with the faster the
speaker’s speech rate, the shorter the resulting VOT
[16]. Without a control on speech rate, it is very
difficult to compare these two studies, despite their
similarities. Other factors such as vowel-context [39,
49], number of syllables [49], and speaker testenvironment [38] have also been shown to affect VOT
length. Significant differences in methodologies not
only make it difficult to compare within-language
developmental variation, but also make it nearly
impossible to make cross-language comparisons.
The current study was conducted to systematically
compare the effect of speaker sex on the development
of VOT across English and Mandarin Chinese. Crosslanguage developmental studies of this sort with
controlled methodology could better reveal
similarities shared between languages or differences
due to specific language context. It also sheds light
into the extent to which common biological factors
shape the development in different social context.
The objective of this research is to look at the
development of sex differences in VOT in English
and Mandarin-Chinese. Both of these languages
exhibit sex-specific patterns in VOT in adult speakers
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[24, 49, 29, 38]. There is also evidence that these
patterns emerge in childhood in each language [29,
49]. As mentioned earlier, both Mandarin and
English share similar two-way contrast (i.e. short-lag
(voiced/voiceless unaspirated) vs long-lag (voiceless
aspirated)) contrast, with three similar places of
articulation [27]. This contrast makes these two
languages ideal for comparison.
This research takes a cross-linguistic approach,
with a controlled methodology for age, word-context,
and speaker’s speech rate. These controls allow for
comparison within language through development
from childhood into late-adolescence, and also across
both languages. This research will add to the body of
literature about the role of sex/gender on the
development of speech from a cross-language
perspective. Importantly, the cross-linguistic
approach taken helps contribute to our understanding
of the possible biological and social mechanisms of
VOT development, and their interaction with a
child’s sex and gender.
2. METHODS
2.1. Participants and task
A total of 137 English-speaking and 260 Mandarinspeaking children and adolescents participated in the
study. They were divided into three age groups: ages
6~8, 11~13, 15~17 years for both English and
Mandarin groups. English-speaking participants were
recruited and tested in Lethbridge, Alberta, Canada,
while Mandarin-speaking participants were tested in
Luoyang, Henan, China.
The breakdown of participants based on their age
and sex can be found in Table 1. Participants were
engaged in a word-elicitation task, during which they
were seated in front of a computer screen and were
asked to produce the words beginning with /t/ or /d/
in various vocalic contexts when prompted by
pictures describing those words. Participant’s voices
were recorded using Marantz 661 digital voice
recorder and a Shure SM58 unidirectional
microphone. The recordings were made using a 44.1
kHz sampling rate and at a 16-bit quantization.
For each language, we chose words that are
familiar to children. Specifically, a total of 18 words
were selected for English and Mandarin, for the two
target consonants, in front of three vowel contexts
(i.e., /i/, /ae/, and /u/). The example words are
“toothpaste” vs. “doodle” in English, and /tu.zi/
(“rabbit”) vs. /du.zi/ (“belly”) in Mandarin Chinese.

Table 1: A breakdown of participants by language,
age group, and sex.

AGE
6-8
11-13
15-17

ENGLISH
Female
Male
39
36
14
13
16
12

MANDARIN
Female
Male
54
54
39
38
39
33

2.3. Acoustic analysis
The acoustic analysis was performed using PRAAT
software [2], following the established procedure in
published studies [20]. Specifically, four temporal
points of interest were measured: burst onset, vowel
onset, vowel end, and word end (see figure 1). Vowel
end and word end were used to calculate vowel
duration and word duration respectively. These
measures were used to control for speech rate.

age group (t=2.20, p=0.027), which suggests that
adolescent boys and girls have different VOT
patterns. The results for Mandarin revealed a
significant interaction between sex and the target
consonant /t/ (t=-7.56, p<0.001), suggesting that the
way that boys and girls differ in their VOT is the not
the same across the two target consonants.
Furthermore, we found a significant interaction
between sex, target /t/, and the 15-17 age group
(t=2.20, p=0.027).
Figure 2 illustrates this interaction term
graphically for the two languages. From the figure, it
is clear that for English speakers, girls tend to longer
VOT for both targets in the youngest age group and
this sex-related pattern is reversed in the oldest age
group. For Mandarin speakers, a similar switch-over
in the VOT patterns in the adolescent group was
observed, but only in the target /t/ sound. For target
/d/, boys consistently produce longer VOT than girls
for the target /d/ for all three age groups.

Figure 1: The four measurement points for voice
onset time for the word “toothpaste”. Points of
interest recorded: burst onset (1), vowel onset (2),
vowel end (3), and word end (4).

Figure 2: Age and sex-related changes in voice
onset time (normalized by vowel duration) for
English and Mandarin children and adolescents.
English
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0.12

0.08
t

Gender

0.04

Female

VOT (sec)

Male
0.00
0.12

0.08
d

2.4. Statistical analysis

0.04

Two linear mixed effects (LME) models were
conducted, one for each language, with the dependent
variable being raw VOT values. The independent
fixed effects variables were target consonant (/t /vs.
/d/), age group (6-8, 11-13, and 15-17), speaker's sex
(male vs female), and possible interaction terms
among the three variables, as well as vowel duration,
and word duration to control for speech rate.
Individual variation was taken care of by including a
random effect of speakers.
3. RESULTS
The results of the LME model for English VOT
revealed a main effect of sex (t=-2.86, p=0.004), and
a significant interaction between sex and the oldest
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4. DISCUSSION
The current study systematically compared English
and Mandarin Chinese for the effect of sex on VOT
in children’ and adolescent’s stop productions. Such
a cross-language study could avoid confounds due to
methodological inconsistencies and thus help reveal
cross-language similarities or differences that could
light on the origin of sex-specific VOT pattern.
Our results indicate a consistent developmental
trend for both languages with respect to the effect of
sex on both stops. For English, adolescent boys were

found to produce longer VOT values than girls. This
result is similar to what Yu et al. [49] reported that
boys' stops are more aspirated than girls. However,
Yu et al. [49] found that significant sex difference
only exists in 9-year-olds, while ours found the
difference in the 15~17 age group. Despite the
specific age range that shows sex difference differs
between Yu et al. [49] and our study, the fact that we
both found boys’ VOT are longer than girls suggests
that there is a switch-over in the pattern of sex
difference in adulthood, as adult males were reported
to produce shorter VOT than females for both
languages [24, 29].
Although developmental pattern in Mandarinspeaking children and adolescents does not exactly
mirror that was found in English speakers, in
particular for voiced stops, a similar switch-over in
adolescents was observed for voiceless stops. This
cross-language similarity leads us to propose that the
origin of such difference is more biological-based.
We speculate that the more aspirated stops produced
by adolescent boys in both languages for /t/ may be
due to the changing larynx that boys go through
during puberty. However, further research needs to be
done to ascertain the developmental pattern and
underlying mechanisms.
It is worth noting some cross-language differences
as well. One such difference is that the effect of sex
in adolescents’ /t/ production is more robust in
Mandarin Chinese than English, as shown in Figure
2. This finding aligns well with investigations on sex
difference in VOT in adults in the two languages,
where Mandarin speakers were found to produce a
more sex-differentiated /t/ than English speakers [45].
There are still more puzzle pieces to be added to
the overall picture before definite conclusions can be
drawn about the origin and mechanisms of sex
difference in stop consonants. For example, it is
unclear why Yu et al. [49] and our study found
different switch-over point for English-speaking
children, and why the pattern eventually reversed in
adulthood for both languages. Further work that
brings in more information and perspectives with
respect to how biology interacts with social factors
will hopefully answer these questions.
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ABSTRACT
Although liquids are mastered late, English-speaking
children are said to have fully acquired these
segments by age 8. The aim of this study was to test
whether liquid coarticulation was also adult-like by
this age. 8-year-old productions of /əLa/ and /əLu/
sequences were compared to 5-year-old and adult
productions of these sequences. SSANOVA analyses
of formant frequency trajectories indicated that, while
adults contrasted rhotics and laterals from the onset
of the vocalic sequence, F2 trajectories for rhotics and
lateral were overlapped at the onset of the /əLa/
sequence in 8-year-old productions and across the
entire /əLu/ sequence. The F2 trajectories for rhotics
and laterals were even more overlapped in 5-year
olds’ productions. Overall, the study suggests that
whereas younger children have difficulty
coordinating the tongue body/root gesture with the
tongue tip gesture, older children still struggle with
the intergestural timing associated with liquid
production.
Keywords: liquids, speech acquisition, articulatory
timing, coarticulation
1. INTRODUCTION
The development of coarticulation requires the
acquisition of intergestural timing and coordination
of complex segments. Consider, for example, English
liquids. Both /ɹ/ and /l/ require the coordination of
multiple tongue gestures [9, 13, 19]: laterals require
simultaneous tongue body retraction, tongue tip
advancement, and lateral airflow [13, 23, 15]; rhotics
require tongue root/body retraction, tongue tip
advancement, and mid-central airflow [12]. Given
this complexity, it is no wonder that English /ɹ/ and /l/
are typically acquired later than other segments [6, 7,
8].
The late acquisition of liquids reflects the complex
nature of their articulation, which is often explained
as the difficulty inherent in the double articulation of
these segment [2, 7]. However, the acquisition
problem is more complex than learning articulatory
postures for accurate segmental production: to fully
acquire liquids and other speech sounds, children
must learn to coordinate dynamic articulatory
movements; that is, they must learn language-specific
coarticulatory patterns. Liquids are especially
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interesting given this problem because they have
particularly strong coarticulatory effects on
surrounding vowels [11, 25]. For example, West [26]
found a consistent effect of both lowered F3, rounded
lips and retracted tongue in /ɹ/ in both anticipatory and
preservatory directions. Preceding vowels also had a
lower F1 in the rhotic context compared to the lateral
context. Tunley [24] found an effect of lowering F2
and F3 preceding vowels up to two-syllables in the
rhotic context and increase in F2 and F3 in the lateral
context.
As noted, liquid acquisition is protracted, but it is
unclear as to whether children are also slow to acquire
language-specific coarticulatory patterns. Whereas
Sereno, Baum, Marean, & Lieberman [22] found that
children showed less labial coarticulation than adults,
and that listeners made use of coarticulatory cues to
predict upcoming rounded vowels versus unrounded
vowels in adults’ speech but not in children’s speech
(see also [14]); others have found that children’s
speech is more coarticulated than adults’ (e.g. [16],
[17], and [18]).
The current study investigates the development of
anticipatory (co)articulation of liquid segments, with
particular attention to the effects on a preceding
vowel. We examine 5-year-old and 8-year-old
English-speaking children’s speech in comparison to
adults’ speech. Our goal is to better understand the
acquisition of liquid contrasts and interarticulatory
timing given a complex segmental target. We
expected that younger children will have difficulty
coordinating the contrastive tongue body/root
gestures in both liquids with the tongue tip gesture, in
keeping with prior work [2, 25]. Accordingly, we
expect a lack of distinction along the F2 formant
frequencies and trajectories in rhotics and laterals in
5-year-olds’ speech. Given the possibility that
coarticulation develops slowly, we also expected that
older children would have difficulty producing adultlike coarticulation between the liquids and the
surrounding vocalic environment, manifesting as a
partial loss of rhotic and lateral contrastiveness.
Our focus on liquids is motivated not only by their
articulatory complexity, but also because they can
help tease apart the development of V-to-C and V-toV interactions. Since liquids impose strong
coarticulatory effects on surrounding vowels and
consonants [11, 25], we predict an interaction

between liquids and vowels to emerge as differences
in liquid formant patterns as a function of the vowel.
2. METHODS
2.1. Participants

Participants were 8 college-aged adults and 24
school-aged children. Twelve of the children (7 males
and 5 females) were 5-years-old (5;2 to 6;2) and 12
(6 males and 6 females) were 8-years-old (7;6 to 8;1).
The adult participants were students at the University
of Oregon. The children were recruited through
YMCA groups and a developmental database
maintained at the University of Oregon. All
participants completed and passed a hearing test. The
adults had no previous self-reported history of
speaking disorders. The children had typical speech
and language development as assessed by their scores
on the Diagnostic Evaluation of Articulation and
Phonology (DEAP; Dodd, Zhu, Crosbie, Holm, &
Ozanne [5]) and the Clinical Evaluation of Language
Fundamentals - Fifth edition (CELF5; Wiig, Semel,
& Secord, [27]).
2.2. Stimuli

The target stimuli were composed of the liquids, /r, l/.
The target words were rad, rude, lad, and lewd, and
preceded by /ə/. Tokens containing [æ] and [u] were
chosen because they contain a low front vowel and a
high back vowel. We anticipate the difference in
articulatory gestures will reveal information about the
development of coarticulation. The words were
produced as an adjective in the carrier phrase “They
said it could be the target house.” Six repetitions of
each of the target stimuli were elicited, for a total of
468 tokens (6 words x 6 repetitions x 13 participants
= 468 tokens).

prompt. The experimenter went through the pictures
with the speaker 3 times in random order.
Acoustic measures were taken in Praat [1] for F1
to F3. Measures were taken at 10 temporal points
from the onset of the schwa in “the” to the offset of
the liquid. The offset of the liquid was determined by
an increase in F2 following the dip in F2 associated
with the liquid articulation. Formant comparisons
were done within each age group (5, 8, 20+) to
examine the difference in formant trajectories
between the liquids with smoothing spline
(SS)ANOVA. SSANOVA plots a best fit contour
with 95% confidence intervals and can be interpreted
as statistically significant when the boundaries do not
overlap [4, 10]. The liquids were then compared in
each of the two contrasting phonetic environments.
3. RESULTS
First, the results for the adult speakers are presented
in order to show target formant trajectories for the
liquids. Second, the results for the 8-year-olds are
presented, followed finally by the 5-year-olds. All
plots present the formant frequencies and trajectories
for /əL/.
3.1. Adults’ Speech

Figure 1 presents the dynamic formant frequencies
for the rad and lad comparisons for adults who show
a clear distinction between F2 for laterals and rhotics
over the duration of articulation. F2 is consistently
lower for the lateral than the rhotic. F3 is also clearly
separated through the schwa and into the liquid. F3
exhibits a sharp drop for rhotics, while it slightly
increases for laterals.
Figure 1: Adults’ F1, F2, and F3 trajectories in /əL/
for the rad house and the lad house.

2.3. Procedure and Analysis

Data were collected with a Marantz PMD660 digital
audio recorder and a Shure ULX wireless
microphone. Data were recorded at 44,100 Hz and a
16-bit rate. Participants were prompted with images
corresponding to each of the target stimuli and were
then participated in the following dialogue: “Look at
this house, I think it could be the ____ house. What
kind of house did I say it could be?” Participants
would respond: “They said it could be the ____
house.” Participants would be prompted again: “What
kind of house did they say it could be?” Participants
responded again: “They said it could be the ____
house.” Thus, two repetitions of the target /əLa/ or
/əLu/ sequence were acquired with each picture
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Figure 2 presents the dynamic formant frequencies
for the rude and lewd comparisons for adults. As with
the rad and lad comparisons, there is a clear
distinction in F2 between liquids, but the smaller
separation between these formants at schwa onset

becomes larger over the duration of articulation and
then narrows again. F3 also drops, but not as sharply
as in the rad and lad comparisons.

frequencies for the rude and lewd comparison for 8year olds.
Figure 4: 8-year-olds’ F1, F2, and F3 trajectories in
/əL/ for the rude house and the lewd house targets.

Figure 2: Adults’ F1, F2, and F3 trajectories in /əL/
for the rude house and the lewd house targets.

3.2. Younger Children’s Speech
3.2. Older Children’s Speech

Figure 3 shows the results for rad and lad in older
children’s speech, which is like the results from adult
speech in that there is a difference in F2 that emerges
during liquid articulation, albeit later than in adult
speech. Like adults, 8-year-olds also produce a sharp
F3 contrast, which presents itself as a drop in F3 of
approximately 800 Hz for the rhotic. F3 for the lateral
remains relatively stable over the duration of
articulation.
Figure 3: 8-year-olds’ F1, F2, and F3 trajectories in
/əL/ for the rad house and the lad house.

Unlike the adults or older children, younger
children’s rad and lad revealed no significant
difference in the formant frequencies or trajectories
for F2. Like the adults and older children, younger
children’s F3 drops approximately 1,000 Hz from the
onset of the schwa to the offset of the rhotic. The
lateral has an increase of approximately 200 Hz from
the onset of the schwa to the offset of the lateral.
Figure 5 presents the dynamic formant frequencies
for the rad and lad comparison for the 5-year-olds’
speech.
Figure 5: 5-year-olds’ F1, F2, and F3 trajectories in
/əL/ for the rad house and the lad house.

The formant comparisons for the 8-year olds
articulation of the rude and lewd revealed that there
was no significant difference between the formant
frequencies for F2 of the liquids. F3 for the rhotic
drops approximately 700 Hz. The reason for the
difference in drop in F3 between rad and rude is a
lower F3 at the onset of the schwa. This is likely due
to vowel-to-vowel coarticulation associated with lip
rounding. Figure 4 presents the dynamic formant
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The comparison of the rude and lewd contrasts in
the 5-year-olds’ speech once again revealed no
significant difference between the formant
frequencies and trajectories for F2. For the rhotic, F3
drops approximately 800 Hz over the articulation of
the schwa and liquid. F3 for the lateral remains
relatively stable. Figure 6 presents the SSANOVA
results for the 5-year-olds’ articulation of rude and
lewd.

Figure 6: 5-year-olds’ F1, F2, and F3 trajectories in
/əL/ for the rude house and the lewd house targets.

4. DISCUSSION
In this study, we presented an acoustic analysis of
adults’ speech compared to 5- and 8-year-olds’
speech. The results revealed an F2 contrast between
laterals and rhotics in adult speech from the onset of
a preceding schwa through liquid articulation. There
was also a distinction in F3 frequencies for the rhotic
and the lateral: the rhotic had a falling F3, while the
lateral did not. Unlike adults, 5-year-olds did not
contrast laterals and rhotics along the F2 dimension.
8-year olds used F2 to contrast rhotics and laterals in
the /əLa/ sequence but not in the /əLu/ sequence. Both
5- and 8-year-olds contrasted rhotics and laterals
along the F3 dimension no matter the segmental
context.
The results from 5-year-olds’ speech suggests that
although young children can reliably contrast laterals
and rhotics using F3, they have not yet mastered the
articulatory gestures need to produce the F2 contrasts
between the two segments. This is likely due to
difficulty in coordinating anatomically coupled
articulators, the tongue body and the tongue tip. Fine
motor control is necessary to coordinate (near)
simultaneous retraction and advancement of the
tongue [9, 19] and even though 5-year-olds can
approximate liquid articulation, they still have not
developed the motor control necessary to make fine
distinctions in place of articulation. This results in the
lack of F2 contrasts between the two liquids. The
consistent contrast in F3 suggests that children do not
have difficulty in coordinating multiple articulators
when they are anatomically independent of each
other.
The difficulty children seem to have with fully
coordinating the anterior and posterior portions of the
tongue simultaneously might offer a reason why
liquids are both acquired late [6, 8] and why certain
glide and consonant substitution are so common [3,
20]. The substitutions that typically occur reflects the
loss of one of the tongue gestures associated with
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liquid articulation. If the posterior gesture is
completely lost, a lateral may be realized as a stop and
when the anterior gesture is lost, a glide is likely to be
realized. The common substitution of a rhotic for a
glide is also readily explained by the loss of the
tongue tip gesture [8].
In contrast, the results from 8-year-olds’ speech
revealed the extent to which the development of
language specific coarticulatory patterns take time to
master: 8-year-olds’ productions were context
dependent. This result is in line with Rubertus &
Noiray’s [21] assertion that children develop
language specific coarticulatory patterns much later
than phonemic contrasts in the language. The results
revealed that while 8-year-olds may have acquired the
tongue gestures involved in different contrasts, they
have not yet mastered intergestural timing. Children
must also learn the motor patterns associated with
different gestural overlap. In the case of /əLa/, 8-yearolds likely mis-time the amount of overlap between
the schwa and rhotic, causing excessive anticipatory
F2 lowering. In the case of /əLu/, the interaction
between the gestures for /u/ and the liquid caused
more retraction for the rhotic, leading lower F2.
Incomplete acquisition of the proper timing of
gestures between segments results in non-native-like
coarticulation due to improper sequencing of the
activation of the tongue tip and body gestures
involved in liquids and vowels.
The results also shed light on the nature of V-to-C
interactions. The difference between in F2 across age
groups for the liquids is best explained as difficulty
implementing V-to-C interactions. Coordinating the
tongue body gesture for both the vowel and liquid
takes time to master. Liquids have extensive
coarticulatory resistance and effects on neighbouring
segments [11, 25] and children have to develop the
motor control to execute those interactions.
5. CONCLUSIONS
In order to produce native-like speech, children must
master articulatory postures to achieve phonemic
contrasts in a language. They must also master
sequential articulatory timing relations that are
specific to the language being acquired. The results
from the current study suggest that it takes longer to
master sequential timing than the interarticulatory
coordination necessary to achieve segmental
targets.the sequential aspects.
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ABSTRACT
This paper examines some spectral features of
voiceless fricatives /s, ʃ, f, θ/ produced by Australian
English-speaking children (5-13 years). It finds that
sex differences are evident in fricative production,
despite the unlikelihood of sex dimorphism in the
vocal tract. These differences are especially evident
in the sibilant fricatives /s/ and /ʃ/. Girls produce
sibilants with higher spectral mean and lower spectral
skewness than boys. Boys produce /f/ with a higher
spectral mean and lower skewness than girls, while
spectral mean and skewness for /θ/ are very similar
between sexes. Spectral mean of /s/ and /ʃ/ declines
significantly with age, while /f/ and /θ/ show no
change. This work builds upon our current knowledge
of sociophonetic variation in Australian English, as
well as our knowledge of children’s acquisition and
use of socially-structured variation
Keywords: Sociophonetics, Australian English,
fricatives, phonetic variation, children’s speech.
1. INTRODUCTION
Sociophonetic work on voiceless fricatives,
particularly voiceless sibilants, has shown that certain
spectral features correlate with particular social
factors. Speaker sex or gender is a particularly robust
factor examined in existing literature. In part, the
acoustic differences found between male and female
sibilant realisation stem from the physiological
differences that exist in the vocal tract. It is expected
that females are more likely to have smaller vocal
tracts than males, and is therefore assumed that
resulting sibilant production will involve a smaller
front cavity for female speakers and higher
corresponding spectral frequencies than males [20].
These acoustic differences are least often found in
non-sibilant fricatives such as labiodental /f/ and
interdental /θ/ where cavity dimensions have less
influence compared to sibilants. Indeed, listeners can
identify the sex of a speaker from isolated
productions of /s/ and /ʃ/, but not from productions of
/f/ or /θ/ [19]. However, evidence suggests that
speakers adjust sibilant production within their
physiological limits to align with particular social
groups, such as gender, sexuality, social class and
geographic region [15, 17, 21, 23], in turn affecting
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the physiology-based acoustic features of the sibilant.
Sociophonetic
studies
examining
spectral
characteristics of fricatives other than /s/ appear to be
lacking, potentially due to its status a robust socioindexical cue.
While such sex-dimorphism is not evident in
children’s vocal tracts prior to the onset of puberty [2,
22], sex-specific differences in the acoustic
characteristics of children’s voices have been found
[1, 12, 16]. Examining children’s speech highlights
that sex-specific acoustic characteristics are not
solely physiologically determined, but largely a result
of socially-influenced and learned articulatory
behaviours. Regarding children’s fricatives,
consistent evidence of sex-specific spectral
characteristics in sibilants has been shown,
correlating with those expected for their gender [3, 6].
Girls are reported to produce /s/ and /ʃ/ with higher
spectral frequencies than boys of the same age, with
differences increasing with an increase in age due to
the onset of structural changes in the vocal tract for
male speakers at puberty. Comparatively, nonsibilant fricatives are rarely reported on. Fox and
Nissen [6] report spectral moment values of nonsibilant fricatives /θ/ and /f/ for American Englishspeaking children aged between 6-14 years. For these
fricatives, they found that spectral means (M1) were
similar between sexes, and spectral skewness (M3) to
be significantly lower for girls than for boys.
Individually, they found that girls have higher M3
than boys for /f/ and lower M3 for /θ/.
This paper examines spectral features of voiceless
fricatives /s, ʃ, f, θ/ produced by Australian Englishspeaking (AusEng) children, looking particularly at
sex- and age-related characteristics. This expands on
previous work that focused on AusEng children’s
sibilants [4]. Sociophonetic variation of fricatives by
AusEng-speaking adults is yet to be examined, thus
direct comparison is not currently possible. Results
will be compared with results reported in similar
work in other English varieties [6].
2. METHODS
2.1. Speech community, participants, and recording

Data were collected by the first author as part of a
larger PhD project. The children attended a public

Age
group
Prep
Year
Three
Year Six

Sex
Girls
Boys
Girls
Boys
Girls
Boys

No.
speakers
6
6
6
6
6
4

Age range
(y;m)
5;7-6;2
5;4-6;4
8;3-9;3
8;2-9;6
11;8-13;0
11;10-12;8

Mean age
(y;m)
5;11
5;9
8;8
8;10
12;4
12;3
Totals

/s/
tokens
441
646
852
1127
1351
1070
5488

/ʃ/
tokens
71
96
94
99
169
127
656

/f/
tokens
132
201
293
370
426
324
1746

/θ/
tokens
24
11
69
75
138
155
472

Table 1 Speaker group information.

primary school in the rural town of Yarrawonga,
Victoria, 270km north-east of Melbourne, with a
population of around 8000. Data were collected here
as a starting point for examining sociophonetic
variation between rural and urban speakers of
AusEng. Speech recordings were taken of speakers in
three primary school year levels, or age groups: Prep,
Year Three, and Year Six. These groups were
selected to provide an overview of the seven-year
primary school period – a crucial time in the
acquisition of sociolinguistic competence [11].
Information about each speaker group is reported in
Table 1. Recordings were held in a quiet room on the
school campus during school hours in sex- and age
group-matched dyads. They participated in a range of
child-friendly tasks designed to elicit a range of
speech styles. These were a phase of spontaneous
conversation, followed by a Map Task-style game, a
reading task, and a picture identification task. All
recordings were made using a Marantz Professional
PMD661 solid-state recorder and two Shure SM94
microphones at a sampling rate of 44.1 kHz.
Microphones were placed on a boom stand at around
20-30cm in front of each speaker’s mouth. All
speakers were in possession of their front teeth, and
no speech delays were reported or observed.
2.2. Analysis

2.2.1. Data preparation
Recordings were segmented and force-aligned using
the WebMAUS-multiple automated alignment
service [9]. Segment boundaries were manually
adjusted using the Emu Speech Database System [7].
Fricatives were segmented by placing the onset
boundary at the onset of the frication noise, and then
offset boundary at the cessation of the frication noise
and the onset of the following segment. Tokens
adjacent to another fricative sound, or contained
instances of interference, such as interruption from
another speaker or other background noises, were
omitted. Across the speakers, 8452 tokens were
extracted. 90 of these tokens were omitted, leaving
8362 tokens for analysis. Tokens were extracted
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using the EmuR interface [8]. Token numbers for each
speaker group are shown in Table 1. Prosodic context,
surrounding vowel contexts, and effect of speech task
were not controlled for the current study, as the aim
is to examine the spectral qualities of the fricatives in
general. These elements will be examined in future
work.
2.2.2. Spectra estimation and spectral moments
Fricative spectra were estimated using Fast Fourier
Transform (FFT) with a 20ms Hamming window
over the fricative midpoint. Spectral moments [5]
were extracted at the temporal midpoint of each
fricative within a spectral range of 1 – 15 kHz in order
to capture the majority of the energy distribution
while filtering out any potential background noise or
adjacent voicing. The midpoint was measured to
avoid the influence of co-articulatory gestures at the
fricative onset and offset and any surrounding vowel
formant transitions, making it the ideal place to
examine the spectral qualities of the fricative itself.
The measurement of spectral moments is a
common and robust approach in examining
sociophonetic influence on fricative production. The
measurement of spectral moments directly examines
the spread of energy created in the production of a
fricative. This paper focuses on the first (M1) and
third (M3) spectral moments. The first spectral
moment shows the mid-point frequency where all
energy on either side of the point is even, while the
third spectral moment shows the distribution of the
energy, either being positively or negatively skewed.
The relative fronting or retraction of the point of
constriction in the production of /s/, for example, will
affect these values, where a more fronted articulation
will give rise to higher M1 values, and more negative
M3 values. These spectral moments have been shown
to be particularly sensitive to speaker sex [6, 8].
2.2.3. Statistical analysis
Linear mixed effects models were built to test the
statistical effects of the social and linguistic factors
on the spectral properties of the fricatives. Spectral

parameters each served as dependent factors. Main
effects of sex, age group, and fricative, and
interactions of sex × age group × fricative were set as
independent fixed factors. Speaker was included as a
random intercept. Fricative place of articulation was
set as a random slope. This was carried out using the
lmerTest [10] package in R, with degrees of freedom
estimated using the Satterthwaite approximation
method. Post-hoc Tukey pairwise comparisons were
carried out using lsmeans [13]. Significance was set
at 0.05 and trend at 0.10
3. RESULTS
3.1. First Spectral Moment (M1)

Table 2 shows the significant main effects and
interactions on M1. Neither sex nor age were
significant main effects, but each interacted
significantly with place of articulation. Figure 1
shows the spectral mean of the four fricatives by
speaker sex. It shows that the girls produce both of
the sibilant fricatives, /s/ and /ʃ/, with higher spectral
mean than boys. These results are consistent with
those previously found for American Englishspeaking children [6]. For the non-sibilant fricatives,
spectral mean of /f/ is lower for the girls compared to
the boys, while there is little difference between sexes
for /θ/. This result is contrary to those reported by
Fox and Nissen, particularly for /f/, where they found
M1 to be similar between sexes. Statistically, speaker
sex interacted significantly with place of articulation,
as shown in Table 2. Post-hoc analyses (Table 3)
showed that /s/ and /ʃ/ were significantly higher for
girls, while /f/ was significantly higher for boys. The
spectral means for each fricative measured were
significantly different to one another (all comparisons
p<.0001).

Effects
Model output
p-value
place
F[3,89.8]=169.71
<.0001
sex:place
F[3,83.12]=12.72
<.0001
age group:place
F[6,87.7]=2.77
.02
Table 2 Statistically significant effects and
interactions on M1.

Figure 2 shows M1 values for each fricative across
the three age groups. M1 for the sibilants /s/ and /ʃ/
decreases with an increase in age. This decrease was
statistically significant for both sibilants, as shown in
Table 3. /f/ does not appear to be sensitive to age,
while older speakers had higher M1 for /θ/ than
younger speakers, although this was not statistically
significant. These patterns are consistent with those
reported by Fox and Nissen [6].

Figure 2 Spectral mean values (Hz) for each
fricative in each age group.
Comparison
Girls – Boys
/s/
Girls – Boys
/ʃ/
Girls – Boys
/f/
Prep – Year
Six /s/
Year Three –
Year Six /s/
Prep – Year
Six /ʃ/

Difference
(Hz)

Std.
Error

Df

tratio

p

187.0

61.9

67.3

3.02

.004

201.5

68.8

101.0

2.93

.004

-185.4

64.3

78.1

-2.88

.005

197.1

77.1

67.6

2.56

.01

193.1

76.6

65.8

2.52

.01

198.8

85.3

99.2

2.33

.02

Table 3 Statistically significant pairwise
comparisons for M1.
3.2. Third Spectral Moment (M3)

Table 4 shows the statistically significant main effects
and interactions on fricative M3. The only significant
main effect in the model was place of articulation, and
pairwise comparisons showed all fricatives were
significantly different from one another in M3
(p<.0001). Sex and place of articulation emerged as a
highly significant interaction on M3, but the age

Figure 1 Spectral mean values (Hz) for each
fricative by girls and boys overall.
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group and place of articulation interaction did not
quite reach significance as it did for M1.
Effects
Model output
p-value
place
F[3,91.5]=176.69
<.0001
sex:place
F[3,91.5]=12.29
<.0001
age group:place
F[6,89.3]=2.15
.06
Table 4 Statistically significant effects and
interactions (and trends) on M3.

Figure 3 shows the M3 values by speaker sex at each
place of articulation. Both sibilants /s/ and /ʃ/ are
produced by girls with lower M3 values compared to
boys. Pairwise comparisons (Table 5) showed the sex
difference for /s/ to be highly statistically significant,
but just under significance for /ʃ/. For the non-sibilant
fricatives, /f/ was significantly higher in M3 for girls
compared to boys, while there was no difference in
/θ/ between the sexes. Again, these results are
consistent with those reported by Fox and Nissen for
M3 [6].

Figure 3 Spectral skewness values for each
fricative by girls and boys overall.
Comparison
Girls –
Boys /s/
Girls –
Boys /ʃ/
Girls –
Boys /f/

Difference

Std.
Error

Df

t-ratio

p

-0.1

0.02

82.6

-3.04

.003

0.04

0.02

120.9

-1.92

.06

0.1

0.02

94.9

3.64

<.0001

Table 5 Statistically significant pairwise
comparisons (and trends) for M3.

4. DISCUSSION
The main interest of this paper was to examine the
spectral features of voiceless fricatives /s, ʃ, f, θ/
produced by AusEng-speaking children. Spectral
differences in these fricatives as a function of speaker
sex and age were of particular interest. Further, nonsibilant fricatives are not commonly included in work
examining spectral characteristics, and thus the paper
aimed to be a starting point of reference for these
fricatives produced by AusEng-speaking children.
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From the spectral moments analysis of the four
voiceless fricatives, several points emerge. First, sexspecific differences in the fricatives produced by
these AusEng-speaking children are evident. Sexspecific differences in the first and third spectral
moments of the sibilant fricatives /s/ and /ʃ/ are
consistent with what has been found in previous work
on both adult and child production [4, 6, 8, 14]. The
girls produce sibilant fricatives with higher spectral
mean and lower spectral skewness in comparison to
boys. This suggests that these children produce /s/ and
/ʃ/ with articulatory behaviours that are learned from
their social environment. As reported by Fox and
Nissen [6] no sex differences were evident for the
non-sibilant fricative /θ/. However, the labiodental
fricative /f/ showed evidence of sex-specific spectral
characteristics, where spectral mean was higher and
spectral skewness was lower for boys compared to
girls. This result is contrary to the results reported by
Fox and Nissen [6], and is also surprising given that
/f/ is less likely than /s/ or /ʃ/ to be a socio-indexical
cue. However, the children may indeed be producing
a gender-specific feature evident in the speech of
adult speakers of AusEng in their community, but this
cannot be explored further without sociophonetic
investigations of fricatives produced by AusEngspeaking adults.
Age-related effects on fricative spectral
characteristics were also observed here, most notably
in M1. These were particularly evident for the sibilant
fricatives. A significant decrease in the spectral mean
of /s/ and /ʃ/ was found between Prep and Year Six.
There was some evidence of an increase in spectral
mean of /θ/ with an increase in age for the speakers
overall, however this increase was not statistically
significant. There appeared to be no change in /f/
spectral mean with an increase in age.
Overall, the results found here indicate that the
sibilant fricatives /s/ and /ʃ/ appear to be more
sensitive to sex and age effects in comparison to the
non-sibilant fricatives /f/ and /θ/. This result is
consistent with previous work on sociophonetic
variation of fricatives in the speech of both adults and
children in several varieties of English. Sibilants,
particularly /s/, are robust sociophonetic cues to a
range of social factors. Some evidence of sex-specific
production of /f/ was found, however explanations of
this result and its importance in the social context of
AusEng cannot be explored without additional
sociophonetic investigations. More work also needs
to be carried out on the acquisition and use of
sociophonetic variation by speakers of AusEng from
a variety of social backgrounds in order to further
investigate these patterns.
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for correct sound production either 75% or 90%.
Moreover, in the psychometric field the lowest 510% of the performances on a validated tool is
considered to be outside the normal range. In fact,
the current findings support the utility of the 90%
as a primary criteria to identify all possible true
positives for the sound acquisition accuracy.
Evidence reports that developmental speech sound
difficulties may persist beyond the early into older
years and that there is a gap of two years between
acquiring a speech sound (75%) and mastering
(90%) it [2].
Whilst data on age-appropriated speech sound
production for EP speaking children between 3 and
6;11 years old is available, to the date there have
been limited studies including older EP speaking
children [3-4]. For the PCC≥75% all vowels,
plosives, fricatives, laterals and four consonant
clusters are acquired at the age limit of 5;06 years
old (e.g. /l/ and /r/ in clusters; word-final /r/) [3].
Others, however, have also used a more stringent
criteria (PCC≥90%) and stressed that not all
consonant sounds are mastered at the upper age
limit of 5,11 years old (e.g., the lateral liquids (/l/
//) and seven consonant clusters) [4]. Evidence for
other languages supports the cutoff age between 8
and 9 years old for the typical speech sound
acquisition to be completed [2].
Consequently, consideration of a study on the
correct consonant production of EP speaking
children aged [6-9;11] years old will provide
reference values for an uncovered age span
knowledge. Specifically, this study aimed to
address the following questions: (i) Is there any
age-gender effect in the speech sound development
for the age span of 6-9;11? (ii) At which age limit
is the targeted EP speech sounds mastered?

ABSTRACT

Purposes: To identify the European Portuguese
(EP) speech sounds competence in children.
Methods: A total of 240 children between 6 and
9;11 years old named 37 pictures. Gender and age
effect as well as the age limit for EP speech sound
mastery were analyzed. The percentage of
consonants correct (PCC) were determined. The
criteria used were PCC ≥75% (acquired sound) and
≥90% (mastered sound). Results: No gender effect
for speech sound development was found in the
studied age range. Children with older ages [89;11] showed a slightly significant mean
performance than younger ages [6-7;11]. The girls
appeared to reach higher mean competence than
boys; however, gender effect did not reach
significance. At the [6-6;11] years old age range all
plosives (except the word-medial /t/ and /g/), four
fricatives (/f/, /v/, word-initial /ʃ/ and word-medial
/Ʒ/) and two laterals (word-medial /r/ and wordinitial and medial /R/) are mastered. The other
targeted sounds are mastered either at the [7-7;11]
or at the [8-8;11] year old range. Conclusion: The
EP targeted speech sounds are mastered between 6
and 8;11 years old.
1 INTRODUCTION

There has been a long tradition, in the speechlanguage pathologists’ (SLP) field to relate the
speech sound pattern of a child to the reference
cutoff age for the typically developing children in
the same linguistic community.
A clear idea about speech sound development is
highly relevant either for an identification of the
developmental performance, appropriateness as for
identification of delay or disorder (e.g. Speech
sound disorders). Early intervention based on
appropriate and thorough analyses is essential due
to the role that phonetic system plays in early
speech development [1].
The age at which children acquire the speech
sound is somehow ambiguous due to several
reasons, e.g., the different underlying criteria used

2 METHODS

Data for this study were taken from a large
study of speech analysis previously approved
by the Ethical board of the Alcoitão School of
Health Sciences and the local authority's
committees of the schools. An informed consent,
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approval from the children’s legal guardians was
gathered.

Each of the 37 pictures was shown to the child who
was asked to name it. If the child did not answer
the examiner could give standardized previous
clues (e.g. It is something you can use to cut paper.
So, what is the name?’). All the child’s utterances
were recorded digitally.

2.1. Participants

Children were selected from a sample of speaking
children between 3 and 11 years old. Inclusion
criteria involved children that were monolingual,
EP speaking, without delay language development
or learning disability did not have a speech sound
disorder or follow up in SLP.

2.4. Equipment

A portable Digital Audio Tape (DAT) recorder
(Sony TCD–D8) battery powered and a
unidirectional condenser microphone was used.

2.2. Materials

The assessment protocol in the larger study
included the following materials: an oromotor
examination, a Verbal Articulation Test (TAV) for
EP and a sequence of pictures to elicit story telling.
The assessment instrument for the present study
included only the TAV a single-word screening
test. TAV uses pictures arranged by semantic
category (e.g. Animals, objects) to increase the
probability of spontaneous identification. It
includes 37 pictures that examine the children’s
performance of EP consonant targets that occur in
word-initial (16 consonants), word-middle (19
consonants) and word-final (3 consonants) and EP
consonant clusters (8 word-initial and 3 wordmiddle) [4] (Table 1).

2.5. Data analysis

Only spontaneously or elicited child’s utterances,
were considered for scoring.
A score of one, acceptable response, was given to
word correctly uttered for each tested speech sound
in the different word position and a score of zero
for no response or if incorrect productions were
detected (e.g. Omission, distortion). The possible
total raw score for the TAV correct consonant
production is 89.
The word uttered database audio recordings were
analyzed one by one by two SLP’s who were blind
to the status of the children. A measure of
reliability of the transcriptions from the two SLPs
was carried out using 24 randomly selected
samples. Intra- and inter-judge reliability was
evaluated by using Intraclass Correlation
Coefficients (ICCs). ICCs greater than 0.75 were
considered excellent and accepted as the minimum
for reliable individual measurements [5]. The ICCs
for intra-judges agreements were 0.79 and 0.89,
respectively, and the inter-judge ICCs was 0.86.
The highly statistically significant intra-examiner
strength of agreement within the two examiners
suggests the stability of the TAV perceptual
assessment while the high inter-examiner
agreement shows that it can be used
interchangeably between examiners in a valid way.
The percentage of acceptable responses for each
sound target was calculated for each age group over
the age range tested. The PCC were scaled
according to literature recommendation: a
consonant correctly produced is considered
mastered at ≥90%, acquired at ≥75-89%, present at
≥ 50-74%, emergent at > 10-49% and rare or absent
at ≤ 10% [6-7].
The mean, standard deviation and 95% Confidence
Interval (CI) were calculated for TAV total score
according to age and gender. To examine the effect
of age on TAV performance, the children were
divided into four groups of one-year range (because
non-significant differences were found within the 6
month age range). Also, the gender effect did not

Table 1 – TAV type and number of EP speech sounds targets
Wordinitial

Frequenc
y
Wordmedial

Frequenc
y
Wordfinal
Frequenc
y
TAV
Total

Plosives
/p/ /b/ /t/
/d/
/k/ /g/ /m/
/n/
16

Fricatives
/f/ /v/ /s/
/z/ /ʃ/ /Ʒ/

Laterals
/l/
/R/

9

4

/p/ /b/ /t/
/d/ /k/ /g/
/m/ /n/
/ɲ/
18

/f/ /v/ /s/
/z/
/ʃ/ /Ʒ/

/l/ /
/r/ /R/

/br/ /gr/
/vr/

8

14

4

EP-Non
existent

/ʃ/

/ł/ /r /

EP-Non
existent

5

4

22

22

34

Clusters
/pr/ /br/
/tr/ /dr/
/kr/ /gr/
/fr/
7

11

2.3. Procedure

Children were recruited in the region of Lisbon at
public schools over the period of six months
(September 2016 – March 2017). Parents and
teachers had to refer healthy children with typical
development.
Children were assessed individually in a quiet
room at their school setting by an SLP or a final
graduated SLP student previously trained in TAV
administration.
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If the more stringent criteria is used, PPC≥90%, as
shown in the Table 4: (i) plosives are mastered at
the age limit of 6 years old except the word-medial
/g/ that is mastered at the age limit [7-7;11] and the
word-medial /t/ that is mastered at the age limit [88;11]; (ii) the /f/ and /v/, word-initial /ʃ/ and the
word-medial /Ʒ/ fricatives sounds are mastered at
6-6;11; the word-initial /s/ at [7-7;11] and the
following /s/ medial, /z/, word-medial and final /ʃ/
and word-initial /Ʒ/ at 8-8;11 years old; (iii) the
majority of laterals are mastered at the age range
[8-8;11] except the /R/ and the word-medial /r/ at
[6-6;11] years old; (iv) with the exception of the
word-medial cluster /vr/, four clusters (/pr/, /br/,
/kr/ and word-initial /gr/) are mastered at [7-7;11]
age range and four clusters (/tr/, /dr/, /fr/ and wordmedial /gr/) at the [8-8;11] age range (Table 3).

reach the statistical significance (p<.05) therefore
the results were reported without gender
subdivision.
To test for the significance of the change between
age groups was carried out using independent
samples t-test without assuming equal variances
and the probability level accepted as significant
was p<. 05.
3 RESULTS
3.1 Participants

A total of 240 typically developing children
(47.1% boys), with an equal sample proportion
across ages, participated in the study (Table 2).
Table 2 – Participants
Age (years;
months)
Girls
Boys
Total

6-6;11
32
28
60

7-7;11
35
25
60

8-8;11
29
31
60

9-9;11
31
29
60

Table 4 – PPC≥75% according to word position and age

/p/

3.2 TAV total score

/b/

Table 3 shows TAV total data according to age
groups. Globally data shows that the TAV mean
score slightly raise while its variability (95% CI)
slightly lowers with increasing age.

/d/

Table 3 - TAV total score across ages

/g/

6-6;11
7-7;11
8-8;11
9-9;11

Mean
79.9
81.8
86.9
86.0

SD*
10.1
8.1
3.2
4.5

/t/

/k/

/m/

95% CI*
77.3-82.5
79.7-83.9
86.1-87.7
84.8-87.1

/n/
/ɲ/

* Standard deviation(SD); 95% Confident Interval (CI)

/f/

Children within the range of [6- 6;11] years old
show significantly worst mean compare to those
with [8-8;11] (t=-5.076 df=70.8 p<0.001) and [99;11] years old (t=-4.218 df=81.8, p<0.001). Also,
TAV total score for [7- 7;11] is significantly
different from the [8-8;11] (t=-4.531 df=77.263,
p<0.001) and the [9-9;11] (t=-3.485 df=92.873,
p<0.001) years old children.

/v/
/s/
/z/

/ʃ/
/Ʒ/

3.3 Individual speech sound targets
/l/

Based on the PCC≥75% criteria at the lower limit
of [6-6;11] years old children had acquired the
plosive, fricative, lateral and cluster sounds with
few exceptions for the word-final lateral /r/, the
word-initial clusters /tr/, /dr/, /fr/ and word-medial
cluster /gr/ (Table 4).

//
/r/
/R/

/pr/
/br/
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*F

*Word

6-6;11
Plosives
100
100
100
100
98
85
97
95
99
98
98
87
100
95
98
95
98
Fricatives
100
95
95
98
84
85
82
85
98
88
88
88
97
Laterals
83
81
85
80
92
74
97
98
Clusters
88
88
83

1
2
1
1
2
4
1
3
7
2
2
3
1
1
1
1
2

I
M
I
M
I
M
I
M
I
M
I
M
I
M
I
M
M

1
1
1
2
2
1
1
1
2
2
5
2
1

I
M
I
M
I
M
I
M
I
M
F
I
M

3
6
2
2
5
2
1
1

I
M
F
M
M
F
I
M

1
1
1

I
I
M

7-7;11

8-8;11

86

96

91

90
87
84
87

95
95
98

88
88
83

97
97
95

88
88
86
87

91
91
96
95

79

95

97
100
91

/tr/
/dr/
/kr/
/gr/

1
I
50
57
90
1
I
68
80
95
1
I
75
90
1
I
83
97
1
M
72
80
98
/fr/
1
I
73
80
95
/vr/
1
M
91
*F (frequency); I (word-initial); M (word-medial); F (word-final)

speech sound development, other variables, e.g.,
phonological and linguistic, may have influenced
the results. More in-depth research is needed in
order to arrive at effective normative data.

4 DISCUSSION

5 CONCLUSIONS

There is evidence of no gender effect in the speech
sound development for the age limit of [6-9;11]
years old. However, an age effect was verified for
the TAV total score with younger aged children [67;11] presenting a significantly lower score than
older ones [8-9;11]. The evidence of a
developmental increase with age is in agreement
with the published data for EP younger ages and
other languages [2-4,6-7]. Not surprising is the
slightly lower variability (95% CI) with increasing
age as expected for the typical child development.
Data obtained confirmed that all individual
targeted sounds are mastered at the cutoff age limit
of [8-8;11] years old when a PCC≥90% criteria
was used. This is in line with Wren et al. [2] that
suggests a cutoff age between 8 and 9 for the
typical speech sound acquisition to be completed.
Therefore, a similar pattern as for other languages
was observed, confirming that phonemic
inventories show universal similarities [6-7].
The findings of the present study also support the
typical development order of sound classes
frequency where plosives precede that of more
complex sounds such as fricatives, laterals and
consonant clusters. This is also evident for EP
preschool children [3-4].
Although this study is unique in that it provides EP
information on consonant acquisition for older
children than previous studies, it has weaknesses
that limit the generalization of the results [3-4].
First, the sample representativeness is restrictive
and thus it is only possible to accept the results as
preliminary data for EP speech sound mastery.
Larger studies to cover the studied age span are
needed. Second, the results application,
specifically advocating clinical purposes, must be
exercised with caution. TAV is a screening test
with limited frequency of consonants, word
contexts to be representative of a child’s speech
sound production. Also, TAV score, as any test
score, must be broadly interpreted, as it is only an
estimate of a child’s level of speech sound
performance. A child’s TAV score may be higher
or lower than the ‘mean’ or ‘norm’ or her/his age
peer group and still be within normal limits.
Finally, given the complexity and diversity of

The goal of the present research was to seek
empirical support for: (i) age-gender effect on the
speech sound development for the age span of [69;11]. Although results show no gender effect, an
age effect between the younger [6-7;11] and older
[8-9;11] age ranges was observed; and (ii) the EP
speech sounds age limit of mastery (PCC≥90%)
which was found to be between [6-8;11] years old.
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ABSTRACT
The present study examined the production
performance of word-initial stops by prelingually
deaf Mandarin-speaking children with cochlear
implants (CIs). The main purpose was to obtain a
comprehensive understanding about how CI children
acquired Mandarin stops. The results showed that,
compared with normal-hearing (NH) children, CI
children followed the same development path but
applied some non-developmental phonological rules;
made more articulatory errors, especially in the
aspirated-unaspirated bilabial cognate pair if given no
visual information; presented significantly different
VOT patterns, particularly in aspirated stops which
reflected their inadequacy in VOT manipulation; and
were affected by the articulatory constraints in a
similar way to NH children across different vowel
contexts. Only the length of CI device use was found
to be a significant contributor for accuracy
performance of CI children but no systematic
correlation was found between VOT production skills
and the use of cochlear implant devices.
Keywords: Cochlear implants, Mandarin stops,
articulatory, accuracy, VOT pattern
1. OBJECTIVES AND BACKGROUND
Recently, many researchers have focused on the
consonant development in cochlear implanted (CI)
children. Among all the consonants, stops are of
particular interest because they form the most popular
sound group in all world languages and crosslinguistically, are one of the earliest sound classes to
be normally acquired [4], [10]. While for CI children,
they frequently demonstrate more difficulties in
perceiving and discriminating stop consonants for
their short duration, ambiguous spectral pattern and
coarticulation with vowels. There are substantial
studies on CI children’s development and
performance of stop consonants from English and
other language backgrounds. Yet few published
studies have comprehensively documented the
production performance of stop consonants in
Mandarin-speaking children with CIs.


Compared with English stops, Mandarin Chinese
also contains six stops produced in bilabial, alveolar
and velar position. But all Mandarin stops are
voiceless and further contrasted by the presence or
absence of aspiration. Besides, Mandarin stops only
occur in word-initial position, not final. Acquisition
of stops is really important for Mandarin-speaking
children with CIs, for it can also facilitate the
development of affricates. Moreover, failure in
contrasting aspiration feature in Mandarin leads to
confusion in lexical meaning.
This paper will examine the production
performance of word-initial stops by prelingually
deaf Mandarin-speaking children with CIs. The main
purpose is to obtain a comprehensive understanding
about how CI children acquire Mandarin stops. Three
research questions are proposed:
1. To what extent the children with CIs can
accurately produce Mandarin stops, in terms of
accuracy rates and error patterns?
2. What are the differences in VOT patterns of
Mandarin stops produced by CI and NH
children, in terms of aspirated-unaspirated
distinction and place distinction across
different vowel contexts?
3. How are the Mandarin-speaking children’s
post-implant stop production skills associated
with the factors of CI devices?
2. METHOD
2.1. Stimuli and procedure

Each participant produced a list of 23 Mandarin CV
monosyllables that contained all the target stop
consonants /p, t, k, ph, th, kh/ in the word-initial
position. Considering the variation of VOT values
related to the following vowel environment, all the
possible combinations of a given stop and vowels in
CV syllable structure are elicited [5], [8]. The effect
of lexical tone on the word-initial voiceless stops was
not of concern in the present study [1], [12].
All the target words were elicited through a
modified imitative task and randomised in order not
to be predictable. For each target word, the
participants first heard an audio prompt (naturally

This paper is sponsored by the Fundamental Research Funds for the Central Universities, China (Grant No. 22120170497)
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produced by a female native Mandarin speaker), and
were then asked to repeat the word once immediately
after the audio prime (repetition was allowed). The
reasons for using audio prompt instead of an adult
clinician’s utterance are first to avoid the possible
exaggeration by the clinician to facilitate the child’s
best production, and second, to maintain the
homogeneity for each target stimuli [15].
2.2. Participants

Altogether, 20 prelingually deaf Mandarin-speaking
children with unilateral multi-channel CIs (11 male
and 9 female) were recruited and 10 NH children (5
male and 5 female) were used as a baseline. The CI
participants were aged between 4.33 to 12.67 years
(mean: 9.12 years) at the time of recording and their
average length of CI experience was 6.28 years. All
of them were non-verbal prior to implantation and
were reported to have no visual, developmental or
cognitive problems except for a hearing impairment.
They received their implants at an average age of 2.84
years, a relatively early implantation. After the
surgery, all of the children received intensive speech
and language training at professional rehabilitation
centres in Shanghai and mainly used oral
communication. Detailed demographic information
for CI children is omitted due to the length limitation.
The average age of the NH participants were 6.97
years (range from 3.3 to 10.5), chronologically
slightly younger than CI group, but well matched the
average hearing age. All had been reported without
language or speech impairments. All participants use
spoken Mandarin at home and in their daily life.
2.3. Data analysis

Both NH and CI children’s stop productions were
first transcribed by two native Mandarin speakers
trained in phonetics and if there was inconsistency
between the two transcribers, the first author doublechecked it and made a final decision. The transcribers
were instructed to code the production of initial stops
as accurate (including acceptable but distorted) or
mispronounced. The mispronounced sounds were
then analysed for the accuracy rates and error patterns.
After transcription, all speech samples (except
those mispronounced ones), were annotated for
further acoustic analysis in Praat [2]. Acoustic
analysis mainly focused on VOT, the dominant
measure for discriminating stop categories. VOT was
measured as the time interval from the onset of the
first release burst to the onset of voicing [11]. In order
to exclude the influence of speaker variability and
speech rate, normalization was conducted to all the
duration parameters by calculating VOT ratio in the
whole syllable. The general VOT patterns of
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Mandarin word-initial stops produced by CI and NH
children were first compared. Then the aspiratedunaspirated VOT distinction in CI and NH children
were revealed. Finally, vowel context was examined
to determine whether VOT pattern in CI children was
affected by the articulatory constraints in a similar
way to NH children.
A mixed factor repeated measures ANOVA was
conducted to examine the effect of group (betweensubject factor) and place of articulation, manner of
articulation (aspiration), and vowel context (withinsubject factor) on VOT values. Bonferroni correction
was applied for the pair-wise comparisons of the
within-subject factor. Finally, Pearson correlation
analysis was performed, so the interrelation between
the use of CI devices and Mandarin stop production
in prelingually deaf children can be observed.
3. RESULTS AND DISCUSSION
3.1. Accuracy metrics and error patterns

In order to gain a better understanding of the
differences in accuracy and error pattern between CI
and NH children, mean percentages of different error
types for each stop in both groups were presented in
Table 2. It turned out that most CI and NH children
had a complete phonetic inventory of initial stop
consonants before 4 years of age (for CI children, 4
years of hearing age) and could averagely produce
most initial stops with the mastery level accuracy,
(above 75% accuracy) [14], [15], which is consistent
with the results of previous studies (such as [7], [12]).
Not surprisingly, the CI group produced six
Mandarin stops with significantly lower accuracy
than the NH group. Moreover, both groups produced
the aspirated-unaspirated bilabial cognate pair with
the lowest accuracy, followed by velar stops and the
alveolar ones. This meant that CI children followed
the same development path for initial stops with NH
children, though somehow delayed in acquisition.
What was noteworthy in the present study, was that
the production accuracy of initial stops decreased
with the visibility of the places of articulation in both
groups (especially in CI participants). It seemed that
the labial stops (especially the unaspirated one, with
43.9% error ratio in CI group and 11.5% in NH
group), became the most challenging consonants for
all Mandarin-speaking children. The possible
explanation for this controversial issue lied on the
difference in the elicitation and recording procedures.
Audio prompt was used to directly elicit speech
production rather than a traditional imitation task
which involved an adult clinician’s utterance.
Therefore, visual information was not provided.
Generally speaking, aspirated stops were better

mastered than unaspirated ones in both groups. This
may be due to the perceptual saliency of aspirated
stops. For the voiceless unaspirated stops, the
duration is shorter and intensity is lower. This makes
the recognition task more difficult, which will
definitely distort the stop production.
Table 1: The mean percentages of different error types
for each stop produced by CI and NH children

duration for unaspirated voiceless stops (except for
/k/) in all participants (See Table 2). It indicated that
all aspirated stops in Mandarin were located at the
highly aspirated region, while unaspirated ones
(except for /k/) in unaspirated region. Compared with
English voiceless stops, it is more salient in aspiratedunaspirated distinction. Both NH and CI children
were able to make aspirated-unaspirated phonemic
distinction, but the velar stop /k/ seemed somehow
controversial in both groups. It belonged to the
slightly aspirated stops in NH group; while
approached the unaspirated category in CI group
according to [3].
Table 2: Overall VOT means and normalized ratio
produced by CI and NH children
Group
CI

Regarding the effects of vowel context on stop
production, CI children obviously produced stops in
each vowel context with significant lower accuracy
than NH children, some of which even four times
lower. For example, the CI participants produced
stops followed by central vowel with 26.9% error
ratio and the NH group with 7.0%. Moreover, it
showed more accuracy of stop production when
followed by front vowel in both CI and NH group
(error ratio: CI group 8.7%; NH group 2.0%), i.e. the
more front places of articulation, the more accuracy
of initial stop production. This finding is
controversial with previous studies [5], [6] and still
needs further examination due to the insufficient data
in front vowel context caused by the phonotactic
constraint on velar stops. But anyway, it can be
concluded that vowel context did exert an impact on
the articulation accuracy of Mandarin stops.
Finally, further qualitative examination of the error
patterns indicated that besides the general
developmental phonological rules applied by most
NH children such as deletion, affrication and
deaspiration, CI children also applied the nondevelopmental phonological rules, such as /h/
replacement for aspirated initial consonant (/ph/--[h]),
labilization (/p/--[w]) and nasalization (/p/--/m/),
which led to more diverse substitutions.
3.2. Acoustic analysis: VOT

3.2.1. Overall VOT means and distribution
Undoubtedly, the VOT duration of Mandarin
aspirated stops were longer than that of unaspirated
ones in both NH and CI children. But, compared with
[3], the present study demonstrated much longer VOT
duration (or higher VOT ratio) for aspirated voiceless
stops, mostly over 100ms; while slightly shorter VOT
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NH

VOT

/p/

/t/

/k/

/ph/

/th/

/kh/

VOT mean raw

24.3

23.4

38.3

120.7

104.2

112.4

VOT ratio

0.06

0.06

0.08

0.23

0.21

0.21

VOT mean raw

23.5

18.5

51.6

158.1

141.0

154.7

0.05

0.04

0.1

0.31

0.27

0.29

VOT ratio

In addition, the CI group generally produced
aspirated stops with shorter VOTs than the NH group,
which reflected the immature respiration control and
higher subglottal pressure in CI children. With regard
to the influence of place of articulation on VOT, the
VOTs of alveolar stops were the shortest among all
Mandarin stops in both groups. Velar stops showed
different results under different articulatory
conditions. It only owned the longest VOT under
unaspirated condition. This finding is partially
consistent with [13], [9].
Statistical analysis revealed a main effect for group
differences between CI and NH children ((F (1, 562)
=29.32, p<0.001). Subsequent post hoc Bonferroni
adjusted t tests showed significant differences in
aspirated stops between CI and NH children.
Interaction effect of group by stop was found
significant (F(5, 562) =11.84, p ＜ 0.001). These
findings indicated that there were significant VOT
differences in all Mandarin stops produced by CI and
NH children, especially the aspirated ones. Moreover,
for each group, VOT can be a reliable acoustic
measure to systematically distinguish Mandarin stops.
3.2.2 Aspirated-unaspirated VOT distinctions
Figure 1 shows the aspirated-unaspirated VOT
distinctions in the CI group and the NH group
respectively. VOT mean ratio is used instead of VOT
raw mean, in order to diminish the influence of
speaker variability and speech rate. The results
showed that although both NH and CI children were
able to well distinguish aspirated-unaspirated cognate
pairs, there was a great discrepancy in VOT patterns
between the two groups. In the NH group, the VOT

duration of aspirated stops is about 3-6 times longer
than that of the unaspirated cognate pair, while no
such significant differences were observed in the CI
group. This meant that compared with NH children,
CI children were still incapable of VOT manipulation.
Moreover, the aspirated-unaspirated VOT pattern
for the velar cognate pairs was very different from the
other pairs, which showed the least salient distinction
between aspirated and unaspirated in both groups
(especially in CI children). This meant that velar stops
were the most difficult to be acquired by all children.
The ANOVA results yield a significant VOT
difference between aspirated and unaspirated stops
(FCI (1, 346) = 549.676, p＜0.001; FNH (1, 216) =
821.27, p＜0.001), as well as between different
places of articulation (FCI (2, 346) = 5.052, p＜0.01;
FNH (2, 216) = 13.29, p＜0.001) in both CI and NH
children. Interaction effect of manner by place was
also found significant (FCI (2, 346) = 3.650, p＜0.05;
FNH (2, 216) = 5.77, p＜0.01). These statistical results
indicated that within either group, Mandarin stops
demonstrated different aspirated-unaspirated VOT
patterns across the different places of articulation,
which was exactly shown in Figure 1.
Figure 1: Box plot showing aspirated-unaspirated
VOT distinctions across different places of
articulation. (Left: CI group; Right: NH group)

Figure 2: Box plot showing VOT patterns under
different vowel context. (Left: CI group; Right: NH
group. Stops presented in Pinyin form)

3.3. Interactions between CI device use and Mandarin
stop production

The interrelation between stop production
performance (in terms of articulatory accuracy and
VOT pattern) and the use of CI devices (mainly in
terms of age at implantation and the length of CI
device use) were examined by Pearson correlation
analysis in this part. The length of CI device use was
found to be the only significant predictor for overall
stop articulatory accuracy (r2=0.514, p<0.05). No
significant correlation was found between the use of
cochlear devices and VOT measure (VOT ratio) of
Mandarin stops. The acoustic discrepancy may be
relevant to other factors, such as the intrinsic temporal
resolution of CI devices or individual unbalanced
performance, which needs to be further studied.
4. CONCLUSION
The present study examined the production
performance of word-initial stops by prelingually
deaf Mandarin-speaking children with cochlear
implants (CIs). Some interesting results were
illustrated here: 1) compared with NH children, CI
children followed the same development path but
applied some non-developmental phonological rules,
such as /h/ replacement, labilization and nasalization;
2) comparatively speaking, CI children made more
articulatory errors than NH children, especially in the
aspirated-unaspirated bilabial cognate pair if given no
visual information; 3) CI children presented
significantly different VOT patterns with NH
children, particularly in aspirated stops which
reflected their incapability of VOT manipulation; 4)
vowel context did exert an impact on the production
performance of Mandarin stops; 5) Only the length of
CI device use was found to be a significant
contributor for accuracy performance of CI children,
but no systematic correlation was found between
VOT production skills and the use of cochlear
implant devices.

3.2.3. Vowel context
Between-group differences in VOT patterns of
Mandarin stops across different vowel context
were examined in Figure 2. Due to the phonotactic
limitation, velar stops were not able to be followed
by front vowel.
In either CI group or NH group, all Mandarin
stops showed shorter VOT duration when
followed by central vowel than front or back
vowel, which is consistent with previous results
[13], [9]. The ANOVA results revealed a
significant main effect of the vowel context (FCI (2,
336) = 9.223, p＜0.001; FNH (2, 206) = 5.882, p＜
0.01) but the interaction effect of stop by vowel
was not found significant (FCI (2, 336) = 1.787,
p>0.05; FNH (2, 206) = 0.708, p>0.05). Therefore,
the VOT patterns of Mandarin stops were affected
when followed by different vowels.
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ABSTRACT
Adult speakers readily decompose words into their
component parts. Overgeneralizations in children’s
early speech (e.g. goed) demonstrate that they must
share in this ability. However, acoustic evidence from
child speech suggests that children do not always
break words down, instead storing language in more
holistic chunks such as syllables or even entire words.
How are morphologically-complex forms
represented throughout childhood? To answer this,
we measured coarticulation between the same
biphone sequence, [ap], in two environments: 1)
within morphemes and 2) across morpheme
boundaries in adult and child (age 5-10) South
Bolivian Quechua speech. Adult speakers coarticulated less across morpheme boundaries than
within root morphemes. This is further evidence that
adult speakers decompose complex words. Children,
however, coarticulated equally across and within
morphemes. This suggests that the child speakers
store inflected words more holistically than adults,
even in this highly agglutinating language.
Keywords: coarticulation, acoustics, acquisition,
field phonetics, morphology
1. INTRODUCTION
Adult speakers can compose novel words efficiently,
freely converting nouns into verbs (monetize) and
verbs into adjectives (twinkly). Since the Wug Test
[7] , we have acknowledged that young children must
share this morphological productivity with adults; if
not, they would not be able to extend morphophonological patterns to novel word environments.
Despite these assumptions, it is likewise apparent
that morphological decomposition, or the
deconstruction of morphologically-complex words
into morphemes, varies by factors such as word
frequency. For example, in adults, highly frequent
complex words are less likely to be decomposed [2].
Derived words that are more frequent than the
corresponding base form (disentangle vs. entangle)
are also less prone to decomposition [14] (see [18] for
alternative explanation).
Furthermore, phonetic production data have
called into question the nature of children’s early
lexical representations. A consistent, though not
universal finding is that children coarticulate between
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adjacent and near-adjacent phones more than adults
do [13], [17], [27], cf. [5]. The age of children studied
varies (4;0-9;9,) [year;months]. Still, the finding that
children coarticulate more than adults suggests that
children organize speech more holistically, in
syllables or words. Perhaps, for extremely frequent
collocations, speech could even be represented in
chunks that transcend word boundaries [1].
Anticipatory coarticulation between adjacent phones
then decreases as children age; this may represent the
individuation and abstraction of language units.
One method of studying the nature of lexical
storage is to examine the effects of morphological
structure on speech production [3], [10], [18]. A
morpho-phonetic relationship is apparent as English
/l/ is darker in stem-final position (coolest) than affixinitial (coupless) [16] and when hetero-morphemic
words are temporally longer than identical
monomorphemic words (sighed versus side) [24].
English speaking children show morpho-phonetic
interaction as young as 2;0 when morphemic /z/ (toes)
is longer than non-morphemic /z/ (nose) [22] (see also
[23]). Consequently, acoustic cues provide implicit
evidence of morphological decomposition in adult,
and some evidence suggests, child speech.
Here we bring these two lines of research –
morpho-phonetic interplay and child coarticulation –
together and employ spectral measurements to
examine morphological (de)composition in adult and
child speech. We measure this in South Bolivian
Quechua (SBQ), a highly agglutinating language with
over 200 nominal and verbal suffixes. Coarticulation
was measured between the adjacent phones [a] and
[p] carried in words in one of two contexts: within a
root morpheme (e.g. papa ‘potato’) or at a morpheme
boundary (e.g. llama-pi ‘llama-LOC’i).
SBQ provides unique insight into interactions of
morphology and phonetics. Adult SBQ speakers have
a highly flexible inflectional and derivational lexicon:
suffixes and roots are abstracted away from the
original lexical contexts and are easily rearranged for
novel stem+suffix pairings. This process is similar to
how speakers of more analytic languages, such as
English, arrange novel noun-adjective pairings.
Child coarticulation results suggest that word
representations initially develop more holistically. If
this result is applied to SBQ, we can predict that child
speakers would not decompose complex words.
Children would then coarticulate more than adults at
morpheme boundaries (e.g. llama-pi ‘llama-LOC’),

indicating holistic lexical storage. Adults would
coarticulate less across boundaries (e.g. llama-pi
‘llama-LOC’) than within morphemes (e.g. papa
‘potato’), suggesting that they have learned to parse
speech segmentally and store it morphophonemically. We can tell that this speech pattern
comes from experience because adults’ phonetic
realization of the exact same [ap] sequence differs
within a morpheme versus across a boundary.
2. METHODS
2.1. Participants

30 children (15 girls, 15 boys) and 10 adults (10
female), all bilingual Spanish-SBQ speakers from a
mid-size town in Bolivia, completed a pictureprompted word elicitation task. Child participants
were grouped by age: five 5- to 6-year-olds
(mean=6;6 [years;months]), nine 7-year-olds (7;7),
six 8-year-olds (8;5), five 9-year-olds (9;8), and five
10-year-olds (10;7).ii Study hypotheses and design,
including the partitioning of age groups, were
preregistered in Open Science Framework on
September 11, 2018. Registration, raw data, and code
to replicate analyses are available in the project.
2.2. Stimuli

To elicit the words, participants were presented with
photos of 32 culturally-appropriate nouns that
children in these communities recognize (e.g. house,
flower, cow). Only words with adjacent [a] and [p]
phones in stressed position were analyzed (N=11) ('
marks stress; ’ marks ejectives) (Table 1). The
sequence [ap] was chosen because it occurs within
and across morpheme boundaries in many common
SBQ nouns that children would know.
Table 1: Words elicited and morphological
environment: between or within morpheme.

WORD
'apiiii
'papa
imi'lla-pi
juk’u'cha-pi
lla'ma-pi
sun'kha-pi
t’i'ka-pi
uhu't’a-pi
wa'ka-pi
wall'pa-pi
wa'wa-pi

TRANSLATION

ENVIRONMENT

‘corn/citrus drink’

within
within
between
between
between
between
between
between
between
between
between

‘potato’
‘girl-LOC’
‘mouse-LOC’
‘llama-LOC’
‘beard-LOC’
‘flower-LOC’
‘sandal-LOC’
‘cow’-LOC’
‘chicken-LOC’
‘baby-LOC’

Only two within-morpheme tokens could be reliably
elicited from the children because we had to ensure
that children knew the words. There is no equivalent
to the Macarthur Bates Communicative Development
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Inventory, which reports stages of age-normed
vocabulary development, for any Quechuan language
or Bolivian Spanish. Nor is there a large, naturalistic
child-directed speech corpus to infer vocabulary
development. We confirmed children’s knowledge of
the test items in two ways: first, a pre-test confirmed
that children as young as 3;0 could name all items.
Second, unlike other child elicitation techniques,
children here did not mimic a model speaker but
instead produced the word spontaneously. If a child
did not know a word, it was skipped, though this was
infrequent. In this way, we are confident that children
knew the words they produced.
2.3. Data collection and analysis

Word lists were recorded with a portable Zoom H1
Handy Recorder at a 44.1 kHz sampling rate.
Children in these communities have limited exposure
to technology, so instead of eliciting items on a
screen, a photo of each item was pasted onto a single
page in a binder. For this reason, the words could not
be randomized and were presented in the same order
for all participants.
Participants first produced all words in Spanish
and then repeated the task in SBQ; only SBQ results
are reported here. Each of the eleven target words was
elicited twice, via two distinct pictures on separate
trials. Ideally, this combination would result in 4
tokensX11 words. However, due to noise interference
from wind and livestock, as well as children’s
occasional nervousness, some children only produced
the target word one or two times. We controlled for
this between-subject variability by testing the
parameter Utterance number in the statistical
models; it did not improve model fits.
For each of the items, participants named the item
in the photo in a carrier phrase by twice repeating, “I
say in the __ two times” (Noqa nini __-pi iskay
kutita). Most children under 8;0 could not remember
the carrier phrase and instead first identified the bare
noun (e.g. llama). Then, the researcher placed a large
plastic toy insect on top of the photo and prompted
the child, “Where is the bug?” to which the child
produced the word with the correct suffixal carrier
e.g. llama-pi (llama-LOC, “on the llama”) two times.
The task took 20-30 minutes. All participants were
monetarily compensated. Children could additionally
choose an item from a toy bag.
Productions were manually segmented in Praat
[8]. Much of the child coarticulation literature
employs coarticulation measures such as center of
gravity
or
formant
transitions.
However,
measurements of child formants are notoriously
difficult to obtain reliably. We closely follow the
methodologies employed in [11], who likewise
studied child stop-vowel coarticulation, and compute
coarticulation via an automatically-extracted measure
of spectral change: the difference between averaged

Mel-frequency log magnitude spectra of the adjacent
phones. The acoustic signal was first downsampled to
12 kHz. Then, each phone was segmented into
25.6ms frames, with a 10ms step. The Mel-frequency
spectral vectors from each phone were then averaged
with the resulting vector scaled by the duration of the
carrier word to control for speaking rate. Finally, we
measured the Euclidean distance between the
averaged Mel spectral vector for each [a] and the
following [p] for each word:

Figure 1: Predicting the Euclidean distance
between Mel spectral vectors of [a] and [p].

(1)
where dap is the Euclidean distance, x̅a and x̅p are the
averaged Mel spectral vectors for [a] and [p] from a
given word, and Dword is the duration of the carrier
word.
3. RESULTS
A linear mixed effects regression model was fit to
predict the Euclidean distance between [a] and [p]
using the lme4 [6] and lmerTest [15] packages in R
[19]. Potential model parameters were evaluated
using a combination of between-model log-likelihood
comparisons, AIC estimations, and p-values.
Continuous variables were mean-centered. The
model included random intercepts for Word and
Participant. Evaluated parameters are listed in
Figure 1 under ‘whole phone model.’
The tested predictors for the model were Word
duration, Morphological environment [across
morpheme vs. within morpheme], Age [child vs.
adult], and the interaction of the latter two. Of these
predictors, only Word duration improved model fit
(β=3.65, t=2.49, p=.013, 97.5% CI=0.34, 6.58). Here
a positive beta coefficient indicates less coarticulation
between phones in temporally longer words. (The
coarticulation metric was also scaled by word
duration during measurement, as shown in example
[1], but including it in the model maximally controls
for the prevalent speaking rate differences between
adults and children.) The lack of effect for age or
morphological environment indicates that neither
children nor adults distinguished between the two
morphological environments. This result suggests
that even adult speakers were storing these highfrequency nouns holistically. Evidence for lack of
morphological decomposition in adult speech was
surprising. Consequently, in an exploratory analysis,
we hypothesized that any coarticulatory differences
between adjacent phones may be washed out when
averaging spectra over an entire phone. To test this,
we next compared the difference (Euclidean distance)
between the averaged spectral vectors taken from the
middle third of each phone.
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We fit an additional model to predict the
measurements from the middle third spectral vectors
of each phone. The model again included random
intercepts for Word and Participant. Now best
model fit included the fixed effects of Word
duration (β=3.90, t=2.24, p=.026, 97.5% CI=0.15,
7.35) and the interaction of Morphological
environment with Age (β=1.96, t=2.26, p=0.024,
97.5% CI=0.28, 3.73) (Figure 1 under ‘third phone
model’; Figure 2).
Figure 2: Interquartile range of spectral distance
between middle third of [a] and middle third of
[p]. Black line represents median distance. Error
bars represent 1.5x the IQR in each direction.

This interaction between age and morphological
environment suggests that adults distinguish between
[ap] sequences when they occur within morphemes
versus between morphemes, but children do not. This
could be because children do not decompose these
high-frequency noun-suffix pairings, or at least not to
the extent of adults.
Beyond differences between adults and children,
we did not have a specific hypothesis about the age
trajectory for this development. A factored variable
of Age group – 5 child age bins and adults – did not
improve model fit. However, Figure 3 displays a
trend suggesting that 1) children do not distinguish

coarticulatorily between the two morphological
environments until age 10 and 2) the overall distance
between phones decreases with age.
The trend for child participants to coarticulate
more as they age is not consistent – note that the 10year-olds pattern like adults but nine-year-olds appear
to coarticulate more between morphemes than within.
Furthermore, in a post-hoc analysis with ‘adult’ as the
Age group reference level, only 7-year-olds reliably
differed from adults (β=-3.54, t=-3.27, p=.001, 97.5%
CI=-5.77, -1.45). There were no additional
statistically significant differences between adults
and any other child age group. This unclear pattern by
age group may be due to the unbalanced/small sample
sizes within each group. We hope to complement this
analysis with more data collection on subsequent
fieldtrips to disentangle the developmental trajectory.
Figure 3: Spectral distance between middle third
of [a] and [p] across age groups. Black line
represents median distance. Error bars represent
1.5x the IQR in each direction. Number of
participants per age group listed above each box.

4. CONCLUSION
Speech does not unfold like pearls on a string.
Coarticulation between segments is rampant and
phonetic realization varies by context. Citing
coarticulatory evidence, we demonstrated that in
SBQ, a highly-agglutinating language, adult speakers
have different coarticulatory patterns between versus
within morphemes. This pattern is anticipated. Adult
speakers have highly practiced motor routines,
particularly within high-frequency words such as
those we elicited. This experience results in wellrehearsed spectral transitions between the frequently
co-occurring phones of a root morpheme. However,
in adult speakers, this transitional routine is less
practiced at the boundary of root morpheme and
suffix. We take this as evidence that adult SBQ
speakers have abstracted grammatical suffixes away
from the original lexical contexts. Crucial to this
argument is that child SBQ speakers do not
distinguish between morphological environments.
They coarticulate equally within and between
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morphemes. This is evidence that children store these
high-frequency inflected nouns more holistically
relative to adults. However, this conclusion came
from an exploratory analysis taken from the middle
third of phones. When we averaged over entire
phones, neither adults nor children distinguished
between environments. So while the exploratory
analysis concludes that adults and not children
distinguish between the morphological environments,
this effect is washed away when averaging
coarticulatory patterns over entire phones.
Our finding that children do not differentiate
between morphological environments is novel
evidence for an argument that has been made
repeatedly in the child coarticulation literature:
children represent language more holistically than
adults [1], [5], [10]. However, we do not replicate
reports that children coarticulate more than adults.
Rather, coarticulation tends to increase with age
(though we stress that the evidence by age group is a
trend; there are too few participants per age group to
definitively conclude). That coarticulation increases
with age has been reported elsewhere [4], [5], [12],
[20], though often the studies examined longerdistance coarticulation.
The differences between our child coarticulation
conclusion and that of previous work could be the
result of the spectral measurement that we employed,
analysis of stops instead of fricatives, or measurement
of coarticulation between syllables, not within.
Regarding the last two concerns, we are limited by
SBQ morpho-phonotactics – there are few fricativeinitial suffixes that we could elicit with children.
However, there is another explanation for the
result that children coarticulate more with age. What
the child coarticulation literature has traditionally
referred to as coarticulation likely does not refer to
the planned, efficiency-driven process that
characterizes adult speech [9], [25]. Children have
less stable articulatory trajectories [21], so it would be
surprising if they had greater coarticulatory control.
Instead, previous research suggests that children
coarticulate more than adults as a result of a lexical
storage system where segments are underspecified.
The result is that children do not discriminate
between segments in production. This crucial
distinction between planned, adult coarticulation and
unskilled, child coarticulation is one that that few
make (but see [20], [26]). However, our current
findings – that children coarticulate similarly across
morphological contexts while simultaneously
coarticulating less than adults – supports a distinction
between planned coarticulation and unskilled
coarticulation. Planned coarticulation is a complex
speech task that takes years of practice while
unskilled coarticulation is the consequence of
children’s linguistic inexperience and holistic lexical
storage.
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ABSTRACT
The application of Mandarin Tone 3 (T3) sandhi is
highly productive in pseudo-words in Mandarin adult
speakers. However, it remains unknown when the
pattern becomes productive in Mandarin-speaking
children. Children’s acquisition of T3 sandhi has been
found to undergo a gradual transformation from a
rote-memory lexical mechanism to a computationbased productive mechanism, and their productivity
hasn’t reached the adult-like level at age 6. To find
out when the children would enter the adult-like level,
this study examined the speech productions of 7- and
8-year-old Mandarin-speaking children and adults in
real words and two types of pseudo-words. The
results showed that 7- and 8-year-old children applied
the tone sandhi pattern similarly to adults in both real
and pseudo-words. This may indicate the full
utilization of a computation-based productive
mechanism in the production of Mandarin T3 sandhi
in 7-year-olds.
Keywords: Mandarin Tone 3 Sandhi; Productivity;
speech production; Mandarin-speaking children
1. INTRODUCTION
Productivity is an elementary human cognitive ability
in language learning. However, not all the linguistic
patterns are equally productive to pseudowords. For
example, the tone sandhi patterns in Chinese dialects
have been found to have different productivity [1][2].
It is suggested that they are supported by two
putative mechanisms, i.e., a rote-memory lexical
mechanism and a computation-based productive
mechanism. The lexical mechanism suggests that the
linguistic item is processed via memorizing its
surface-form representations. While the computationbased productive mechanism indicates that the sandhi
forms of a tone are manipulated via applying the
phonological pattern productively, regardless
whether it is a real word or not [3] [4]. If the items are
acquired by lexical mechanism, the pattern may only
apply to real words (e.g.,[5][6]). In contrast, if
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operated via a computation mechanism, the pattern
can be applied productively to both real and
pseudowords (e.g.,[4][7]).
Tone 3 (T3) sandhi is a phonological pattern in
Mandarin Chinese in which a canonical-form T3
syllable becomes Tone 2 (T2) or a T2-like syllable
(213+213→35+213) when it is followed by another
T3 syllable in connected speech [8][2][9]. Previous
studies consistently showed that the application of the
T3 sandhi pattern is highly productive in
pseudowords in adult Mandarin speakers [1][4][5]
[10]. However, it is still unknown when this
phonological pattern becomes productive in children
learning Mandarin as their mother tongue.
Children’s first language acquisition usually starts
from memorizing lexical items (implying a lexical
mechanism) [11], and they often try to regularize the
linguistic patterns and apply them productively to
new items during the learning process (implying a
computation mechanism) [12]. For example during
the learning process of the English past-tense
inflections, English-speaking children were reported
to overgeneralize ‘-ed’ to irregular verbs at around
three years old [12]. Besides, when they were asked
to produce pseudo-verbs where past-tense inflections
are required, a study found that children above five
years old could spontaneously apply the pattern to
pseudowords with more than 50% accuracy [13].
Cumulative empirical studies found that
children’s acquisition of Mandarin T3 sandhi also
undergoes a similar developmental trajectory. They
started from the actual occurring sandhi words at or
before 3 years old [14][15], although their
productions were not yet acoustically accurate
enough [16][17][18][19]. While in the semipseudowords, the output of which can lean upon
either the previously heard sandhi allomorphs or a
computation mechanism, children reached an adult
level of productivity at age five [19]. In the
pseudowords, however, even the 6-year-old children
have not achieved an adult-like application rate [19].
The results imply that the lexical mechanism becomes
functional at around three years old, whereas the
computation mechanism is not yet fully developed by

the age of six. To find out when Mandarin children
would reach the adult-like application rate in the
production of T3 sandhi in pseudowords, thereby
demonstrating a developed computation mechanism,
this study further examined the speech productions of
7- and 8-year-old Mandarin-speaking children and
adults in real words and two types of pseudo-words.
Understanding how the tone sandhi pattern is
acquired is crucial for accounting the language
acquisition beyond the level of the segment. It also
sheds light on the development of phonological
acquisition among Chinese children.
2.

METHODS

Following the previous study [19], the current study
used an elicited picture naming task to elicit
children’s spontaneous productions to examine
children’s application of T3 sandhi in three lexicality
conditions: real words, semi-pseudowords, and
pseudowords.
2.1. Participants

Eighteen children (nine 7-year-old children, nine 8year-old children) and nine adults were recruited for
the experiment. All the children were monolingual
Mandarin speakers who had limited exposure to other
languages. All the children accomplished the
Intelligence test (WISC-R; [20]).
2.2. Stimuli

For the real word condition, to make sure that most
children can recognize the picture, all the items were
concrete and high-frequency disyllabic words, such
as /ɕiɑu213 ts‘au213/ ‘grass.’ Considering the semipseudowords, they were all non-occurring
combinations of real monosyllables. e.g., /pi213
kou213/ ‘pen’ ‘dog’. While for the pseudowords, we
used accidental gaps (AG) in Mandarin syllabary as
the initial syllables and real monosyllables as the final
syllables. The AG syllables were occurring syllables
in Mandarin but yielded no real word when they were
combined with either T2 or T3 (e.g., /miɛ213/;
/miɛ51/ is an actual occurring word in Mandarin ‘to
destruct’). To elicit the productions of the
pseudowords, each AG syllable was assigned a
lexical meaning. For example, /miɛ213/ meant ‘to
carry something by two men.’ The AG syllable was
introduced in the underlying tone (i.e., unchanged
base tone) by an experimenter to the children, and the
children were asked to combine the AG item and the
occurring word into a new word. Each type of
conditions included 20 test items (T3 + T3 words) and
20 control items (T3 + Non-T3 words). Therefore,
there were 120 items for each participant. In the test
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and control items, the initial syllables were
comparable (e.g., /ma213 ts‘au213/ ‘horse grass’ vs.
/ma213 ʂʻu51/ ‘horse tree’).
2.3. Procedure

Children were presented with slides of pictures on a
computer and were instructed to play word-guessing
games. In the real word condition, each item was
presented with one picture. Children were instructed
to name the picture as a disyllabic word. For the two
types of pseudowords, two pictures were shown on
one slide to indicate the two syllables respectively,
and the children were asked to combine the two
syllables into a new word. Before the experiment,
children were given enough practice trials to make
sure that they clearly understood the tasks. See the
previous study [19] for more details. In the
experiment, semi-pseudowords were presented first,
while the real words were the last to be presented. The
children were informed to produce the target form
twice. The first production would be used unless it
was not ideal due to the noisy background,
overlapping of voices, etc.
The task lasted 30-60 minutes for a child. To avoid
fatigue, we divided the whole test into at least six
parts with a rest between two parts. Besides, a child
would be awarded some gifts every time he/she
remained actively engaged in the experiment for more
than 6 minutes. All the participants’ responses were
recorded by digital recorders (Sony, ICD-PX470) at
16 bits and a 44.1 kHz sampling rate. They were
manually examined and segmented by the first author
in Praat [21] for further analysis.
2.4. Data analysis

Productions of each disyllabic sequence (e.g.,
/miɛ213 ts‘au213/), as well as the initial T3 syllable
of that sequence (e.g., /miɛ213/), were segmented for
ratings. Three Mandarin-speaking phoneticians who
were from Northern dialect speaking areas
participated in the rating task.
The rating task was presented with E-Prime 2.0. In
each trial, a disyllabic sequence was presented first,
and then the initial syllable of that disyllabic sequence.
The raters were instructed to identify whether the
initial T3 syllable underwent tone sandhi or not. If
applied, they were asked to press 2, and if it was
produced in the underlying form of T3, they should
press 3; if the production was neither the underlying
nor the surface form (mispronunciation), they were
instructed to press 0. There should be 540 test items
(20 items/lexicality condition *9 participants/age
group *3 raters) to be rated for each condition.
However, some items were removed from analysis
because of the sound quality and so on (see Table 1).

We divided the whole task into ten blocks in which
the three types of stimuli were randomly mixed. And
the raters could take breaks at any time they desired.
Table 1: Items numbers rated for each condition
group
7y
8y
adult

real
430
457
496

semi-pseudo
428
456
498

pseudo
400
447
497

Furthermore, F0 values of the initial syllables were
extracted for acoustic analysis by isometrically taking
20 points (in Hertz) over the time course of the rhyme.
To minimize the pitch range difference due to gender
and age, the F0 data were log-transformed first and
then further normalized with z-scores [22].
3. RESULTS
3.1. Sandhi application result from the rating score

We measured the accuracy of sandhi application in
T3 sandhi words according to the three raters’
judgments. A trial would be judged as correct if an
initial T3 sandhi syllable was judged to undergo tone
sandhi, and as incorrect if the item fails to exhibit a
tone sandhi pattern. There were only six
mispronunciations in the three age groups, and they
were removed from the analysis. Figure 1
summarizes the sandhi application rate of T3
productions in the three types of tone sequences in
each age group. As is shown in the Figure, the
application rate was above 88% in all conditions.

Results showed that interactions between age and
lexicality significantly improve the model. To
compare whether children performed differently with
adults in each condition, data were analyzed
separately in the three conditions. Results found that
the variable age did not contribute to the model
considerably in real- and pseudo-word conditions.
This suggests that the application rates of 7 and 8year-old children were not significantly different than
adults. However, in the semi-pseudowords, the best
model included age groups. The results of the model
revealed a significant difference between 8-year-old
children and adults (z (0.6141) = 2.170, p < .05),
where the accuracy in 8-year-old children was
significantly higher than the adult group.
3.2. F0 measurements from the acoustic analysis

Further acoustic analysis was conducted to confirm
the results from the rating task. The plotted tonal
contours (Figure 2) were based on the mean, and the
stand errors of the z-scores averaged across speakers.
The six mispronunciations found in the rating task
were removed from the analysis. To illustrate the
contrast in the F0 realization of the initial syllables
between tone sandhi items and T3+Non-T3 items, the
control items were also included in the Figure.
Figure 2: Normalized F0 contours of the initial
syllable for test items (T) and controls (C). Dotted
lines stand for the mean. Dash areas hold for the ±
standard error of the mean.
T_real
T_semi-ps
T_pseu
C_real
C_semi-ps
C_pseu

Figure 1: the sandhi application rate of the T3
sandhi items
real word

semi-pseudo

pseudo

7y

% of sandhi
application

100%
80%
60%
40%
20%
0%

ad

8y

7y

mean 92% 91% 89%

ad

8y

7y

92% 96% 90%

ad

8y

7y

93% 90% 88%

The accuracy scores were statistically analyzed by
the binomial logic regression [23] with the package
lme4 [24] in R [25]. The R package lmerTest was
used to provide p-values for models [26]. The model
included accuracy (1 or 0) as the dependent variable
and the lexicality condition (real word, semi-pseudo
word, pseudo-word), age groups (ad, 7y, 8y) as
independent variables, and subject as a random factor.
We began the analysis with a base model. Terms were
added one at a time and models were compared using
log-likelihood ratio tests to determine if a given term
significantly contributed to the fit of the model.
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8y

adult

In the Figure, there is a clear divergence between
the test items and the controls in all conditions,
indicating the application of T3 sandhi in the test
items. Three-way repeated measures ANOVA were
conducted on the normalized F0 curves of the test
items, with age (ad, 7y, 8y) as the between-subjects
factor, and lexicality condition (real, semi-pseudo and
pseudo) and time point as within-subject factors.
Huynh-Feldt method was used to correct the violation
of sphericity where appropriate. Results found no
significant three-way interaction effect in the analysis.
However, they confirmed a significant interaction
effect between group and lexicality condition (F (4,
807.971) =5.545, p<0.001). To compare whether
participants performed similarly in the three lexicality
conditions, data were analyzed separately in each age
group. Results showed no significant effect of
lexicality in the adult and the 7-year-old children.

This indicates that the 7-year-old children and adults
perform similarly in the three lexicality conditions.
However, there was a significant main effect of
lexicality in 8-year-old children, with the sandhi
application in semi-pseudowords being significantly
higher than in real words and pseudowords (ps<0.05).
5.

DISCUSSION

This study examined at what age Mandarin children
would reach adult-like productivity in the application
of tone sandhi, especially in pseudowords that are
entirely operated via a computation mechanism. In
the previous study [19], it has been found that 6-yearold children still have not reached adult-like
performance in the production of pseudowords. To
find out the developmental course, we recruited
children from 7 to 8 years old. The results showed that
both 7 and 8-year-old children reached the adult-level
application in the three types of words.
Prior to the discussion of the development of
productivity of T3 sandhi in Mandarin-speaking
children, it is worth mentioning the differences
between the three types of words. The three types of
words were different in lexical entries, and they
required different operational ability and mechanisms.
The real words were expected to be listed in the
children’s mental lexicon and can be retrieved
directly from memory. For the semi-pseudowords,
two possible operational mechanisms may underlie
correct applications of T3 sandhi. First, the sandhi
allomorph of the initial syllables may still be listed in
the mental lexicon. However, to employ the sandhi
allomorph, children should be able to extract those
syllables from the previously heard disyllabic words
that undergo tone sandhi. Secondly, children may
solely rely on the phonological pattern and apply the
pattern computationally. As for the pseudowords,
since no possible lexical entry can be retrieved from
memory, children can only lean on the phonological
pattern to compute it productively.
Integrating the results of 7-8-year-olds in the
current study with those of the 3-6-year-old children
[19], a developmental trajectory emerged. To be
specific, the children can produce T3 sandhi in real
words as accurately as adults at three years old. This
implies that children aged three are already capable
of taking advantage of the mental lexicon and relying
on the lexical mechanism to produce T3 sandhi words.
This result mirrors the timing of acquisition of real T3
sandhi words in previous findings [14][15] that
children have acquired tone sandhi words at or before
three years old, even though not being acoustically
accurate enough [16][17][18]. As for semipseudowords, previous studies found that children
aged five reached an adult-like sandhi application in
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this condition [19]. As mentioned above, T3 sandhi
application in semi-pseudowords could be supported
by two strategies. A possible way to segregate these
two explanations is to check the frequency of the
sandhi allophones that a child may encounter in the
input speech, and examine whether the children’s
sandhi application rate follows the frequency. If the
frequency is high, then children are more likely to
take advantage of the previously heard sandhi
allophones. If not, children may tend to use the
computation mechanism when applying the sandhi
pattern in this condition. To this end, we made use of
existing Mandarin corpora, and both the adult corpus
[28] and the toddler’s checklist [29] verified
children’s limited exposure to those sandhi
allophones. Finally, in the pseudoword condition, the
7-year-old children reached ceiling productivity like
an adult, indicating the full acquisition of
computation mechanism at the age of seven. This
result also provides extra support for the explanation
above that 7- to 8-year old children may engage the
computation mechanism in the sandhi application in
some semi-pseudowords.
Then what is driving force of the transformation
from the memory-based lexical mechanism to the
computation-based productive mechanism at the age
of seven? The development of the computation
mechanism presumably depends on the collaborative
effort of a syllable, tone, and morphological
awareness. To begin with, children are expected to
have syllable awareness, that is to analyze a disyllabic
word into syllables [30]. On top of syllable awareness,
tone awareness could also be essential, that is the
ability to identify the tones carried by the
syllables[30]. Lastly, it also requires some
morphological awareness [31], that relates to the
ability to link the surface allophones of an initial
syllable (e.g., /ɕiɑu35/) appearing in different tonal
contexts (e.g., /ɕiɑu35 kou213/ and /ɕiɑu213 xua55/)
to the same morpheme. These will be further
discussed in future studies.
6. CONCLUSION
This experiment scrutinized the development of T3
sandhi in Mandarin-speaking children. By adding the
7 and 8-year-old children to the productions of three
types of disyllabic sequences with tone sandhi, the
results showed that children’s learning of the T3
sandhi words underwent gradual progress from a rotememory based lexical mechanism to a computationbased productive mechanism. Children started to rely
on the lexical mechanism to produce real words with
T3 sandhi from 3-year-old onwards, and they reached
adult-like performance with regard to the
computational process at 7 years old.
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ABSTRACT
Recent studies on speech sound development in
Croatian show that the existing assessment tasks and
normative data should be revised. This paper reports
results for the speech sound development in Croatian.
60 (30 M and 30 F) children aged 2;10-4;2 were
included in the study. Children were tested by a
picture naming task assessing development of 30
Croatian phonemes in various positions within words.
The results, based on 75% criterion, show that at the
age of three children have mastered vowels, stops
(except for /g/), semi-vowels and nasals (except for
/ɲ/). The results do not comply with the existing
normative data for Croatian. The paper discusses lack
of gender differences and the development of
assessment task. The administered task and the
obtained results can be used as a basis for the future
normative study on speech sound development in
Croatian.
Keywords: speech sound development, Croatian,
Slavic languages, preschool children.
1. INTRODUCTION
Croatian is a Slavic language spoken by 4.2 million
people in Croatia. There are five monophthongs /i, e,
a, o, u/ and one diphthong /ie/ in Croatian vowel
system. Vowel length depends on the accent which
can be either long or short and rising or falling. There
are 25 consonants in Croatian: stops /p, b, t, d, k, g/,
affricates /ʦ, ʧ, ʤ, ʨ, ʥ/ fricatives /f, s, z, ʃ, ʒ, x/
nasals /m, n, ɲ/ approximants /j, ʋ/ lateral

approximants /l, ʎ/ and an alveolar trill /r/ which can
have syllabic function in consonant clusters i.e. in
words like smrt (engl. death) or prst (engl. finger) [8].
The importance of normative data for both clinical
practice and speech sound development (SSD)
studies is well known. Normative studies should
include large samples, be sensitive of sociolinguistic
variables and be representative of the whole
population [4]. Speech sound development reported
for 36 languages in McLeod’s guide [10] provides
better insight in the availability of normative data in
various languages. Although Croatian was not
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described in the McLeod’s guide, norms for speech
sound development are available. The normative
study was carried out in the eighties [21] and the
results have been used in the clinical practice and
speech sound development research ever since. Not
only have they been used in Croatia, but also in the
neighbourhood countries: Bosnia and Herzegovina,
Serbia, Montenegro and even Slovenia due to
language similarities. Croatian normative sample
included 1136 participants, spontaneous speech
production i.e. description of a black and white sketch
and target sound analysis in either initial or final
position. This type of task is not common for the
assessment of SSD and the majority of standardized
test use some type of a naming tasks (picture or
object). In the Croatian norms the criterion for
considering a speech sound developed is the
occurrence of 70% developed renditions. The
criterion is rather unusual because other studies use
75%, 90% or even 100% [2, 16]. The explanation
given by Vuletić [21] is that the higher criterion, i.e.
older age at which a particular speech sound should
be developed would postpone the beginning of speech
and language therapy. Later onset of the therapy
could mean less success and longer duration of the
therapy. Therefore, for example, according to Vuletić
[21] /r/ in Croatian should be developed by the age of
4;6 or the child should start speech and language
therapy. When compared to languages with trills, the
norms seem rather low and do not agree with recent
studies [20]. According to Vuletić [21], at the age of
3, the following speech sounds should be developed:
vowels: /a, e, i, o, u/, stops /p, b, t, d, k, g/, fricatives
/f, x/, nasals: /m, n/, lateral approximant /l/ and semivowels /j, ʋ/. Tolerated developmental renditions are
distortions of fricatives /s, z, ʃ, ʒ/, all affricates and
trill and substitution of /ʎ/ with /l/ and of /ɲ/ with /n/.
Between 3;6 and 4;0 years, children should master
nasal /ɲ/ and the substitution of /ɲ/ with /n/ is not
tolerated. Later on, by the age of 4;6 lateral
approximant /ʎ/ and trill /r/ are mastered. Finally,
fricatives: /s, z/ and affricate /ts/ develop between 4;6
and 5;6.
Croatian speech and language pathologists have
also reported expected age for SSD based primarily
on their professional experience [1, 2, 6]. Their results
differ slightly from Vuletić’s norms [21]. However,

recent Croatian studies disagree with the existing
norms which should be revised, especially for the late
developing sounds like laterals, trill and fricatives
[18, 19, 20]. Moreover, the existing data do not
comply with the universal findings on articulatory
motor development which is the basis for SSD [8] and
the existing norms lack important methodological
information: description of the research method, age
groups within sample etc., so the results cannot be
compared with contemporary Croatian or crosslinguistic studies.
The aim of this study is to develop SSD
assessment task for individual sounds and to
administer the task to the youngest age group which
is usually included in speech sound development
studies.
2. MATERIAL AND METHOD

or čađ (eng. soot) would be unfamiliar to children and
no other studies included them [3, 21].
The material was randomized and PowerPoint
presentation with the photos of stimuli was prepared.
2.3. Procedure
2.3.1. Task administration
The children were tested individually in a familiar
preschool setting by a trained research assistant. The
test was administered as a simple computer game
which is becoming more widely accepted testing
procedure for children [11, 15, 18, 19, 20]. After
establishing rapport, the child was asked to name the
photo. The responses were recorded with digital
recorder ZOOM H4n Handy Recorder. Duration of
the assessment was between 10 and 20 minutes.

2.1. Participants

2.3.2. Auditory assessment

60 children participated in the study (30 M and 30 F).
Average age was 3;7 ranging from 2;10 to 4;2 and no
delays or disorders were reported by parents. The
study was conducted in wider Zagreb area.

Auditory assessment was performed by both authors.
Interrater agreement was 85%. The applied criteria
for auditory assessment were described in [19]. It
should be noted that the responses which were result
of the repetition and not picture-naming were not
used in the study, although the repetition task is
frequently used in similar studies. On the other hand,
the reports of the stimulability effect, i.e. that the
child can repeat target sound after the model six
months prior to spontaneous production, should also
be considered.

2.2. Task development
Speech sound development was assessed by a picture
naming task including 30 Croatian phonemes.
Several factors were controlled during the task
development: position of target sound (initial, medial
or final); representation of monosyllabic, disyllabic
and trisyllabic words; phonemes represented in a
word in order to reduce number of stimuli and
familiarity of the word to the children. The task
material included 60 words; 21 monosyllabic (35%),
24 disyllabic (40%) and 15 trisyllabic words (25%)
representing occurrence frequency in Croatian [12].
The stimuli are included words like: miš (engl.
mouse), auto (engl. car) or kolica (engl. stroller). (For
more details on the entire stimuli list please consult
https://docs.google.com/document/d/1_eotcM6gqO2
7Bw9VDC5EzzpxGSLFs00KZyiNTsfvhQ/edit?usp=sharing). Although important, the
familiarity criterion could not be met for all target
sounds therefore certain less familiar words were
used in the task. For example, the words džep (eng.
pocket), đak (eng. pupil), val (eng. wave) or ekran
(eng. screen), ćelav (eng. bald), njuška (eng. snout) or
kivi (eng. kiwi) were used in the task since no other
words could be used for the assessment of particular
sounds in particular positions. Moreover, voiced
palatal affricates in final positions were excluded
from the task since the occurrence frequency is very
low, the words bedž (eng. badge), smuđ (eng. perch)
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2.3.3. Scoring
Typical categories for developmental renditions
(omissions, substitutions, distortions and developed
speech sound) were used in the assessment. On
average, each target sound, except for voiced palatal
affricates, was assessed in three positions which can
result with various combinations of developmental
renditions. Certain combinations were clear, i.e. if the
target sound is developed in all three position it was
considered developed, but in other cases in which a
target sound was, for example, substituted in initial
but developed in medial and distorted in final
position. Therefore, in the first example the target
speech sound was considered developed and in the
second example not developed because of the
substitution being the most immature rendition.
2.3.4. Data analysis
SPSS 17 was used for data analysis. Besides
descriptive statistics, t-test and ANOVA were used.
Bonferroni-test was used as post-hoc test.

were devoiced and the voiced-voiceless opposition
was still being developed at the age of three [7].

3. RESULTS AND DISCUSSION
The results show typical course of speech sound
development. Not only is the percentage of developed
renditions. Early stages of speech development are
characterized by high variability which is evident
from s. d. values, especially for late developing
sounds (affricates, fricatives and liquids). Compared
to the existing norms, SSD follows developmental
order, however the age agreement between the results
of this study and the normative data was found only
for vowels. Unfortunately, the normative data does
not report number of children in each age band,
therefore we cannot test whether the differences are
significant or not. Undoubtedly, the results reveal the
importance of the criterion used in order to consider
the particular sound to be developed at a certain age.
In case of semi-vowels, if 90% criteria is applied they
are developed, but not yet completely. The same was
found for stops (83%) or nasals (82%). If we use 70%
criterion like Vuletić [21] or 75% like Tomić [19] the
sounds will be considered developed, but not if 90%
criterion is used. The comparison of the results with
more recent Croatian studies shows greater
agreement. Tomić [19] found 51% of developed
approximants among children aged three which is
similar to 49% reported in this study, or specifically
3-year olds have 95% of developed renditions in
articulation of semi-vowels, 43% in laterals and 14%
in trill. The results (mean scores and s. d. for
developed renditions) for manner categories are
shown in Table 1. When compared, no statistically
significant differences were found for comparison of
the within-word positions for particular sounds.
Table 1: Speech sound development in Croatian 3year olds – manner categories.
Developed renditions
99%
Vowels
88%
Semi-vowels
83%
Stops
82%
Nasals
58%
Fricatives
46%
Affricates
38%
Laterals
23%
Trills

s. d.
0.05
0.24
0.19
0.20
0.26
0.36
0.35
0.36

The results for each target sound provide more
detailed insight and are shown in Table 2. The
analysis of the results in shows that voiced stops /d/
and /g/ are underdeveloped in comparison to other
members of the speech sound group. The individual
responses revealed that the stops in final position
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Table 2: Speech sound development in Croatian 3year olds – individual sounds.
Vowels
Semivowels
Stops
Nasals
Fricatives
Affricates
Laterals
Trills

/i/

/e/

/a/

/o/

/u/

100%

96%

98%

100&

98%

/j/

/ʋ/

90%
/p/
98%
/m/
97%
/s/

87%
/b/
83%
/n/
97%
/ʃ/

/t/
88%
/ɲ/
51%
/z/

/d/
78%

/k/
93%

/g/
58%

/ʒ/

/f/

/x/

63%

42%

42%

30%

80%

50%

38%
/ʎ/

52%

38%

93%
/ʥ/
55%

/ʦ/

/l/
62%
/r/
30%

/ʧ/

/ʨ/

/ʤ/

15%
/ṛ/
12%

Similar was reported for Serbian [14] with 84.8% of
developed renditions among assessed stops. The
developmental renditions of the final /g/ were either
omissions or velar fronting (substitutions with /d/).
Vuletić’s study [21] reported that all nasals were
being developed by the age of three, however, the
results in this study show that only 51% of developed
renditions for /ɲ/. The lower score resulted from the
substitution of /ɲ/ with /n/ in the final position i.e. the
word /koɲ/ was pronounced as /kon/ instead of /koɲ/.
The results for fricatives are rather heterogeneous and
the average group score does not provide proper
understanding. The results agree with the existing
Croatian norms if the same criteria (70%) is applied,
only for /f/ and / x/ which are undoubtedly developed,
but the course of development should be further
examined with older age groups in the periods of
intensive development of fricatives as suggested in
[18]. Similar interpretation can be applied to affricates
as well, since the articulation of both groups of speech
sounds depends on more developed motor control and
perceptual
information
in
phonological
representation. According to Croatian norms sound /l/
should be developed by the age of four. The results in
this study do not agree with the norms, regardless of
the applied criteria and are also supported by recent
studies [19] reporting similar pattern – /l/ was
developed in 54% of 3-year olds while /ʎ/ in 30%

which is slightly higher than in this study. The lowest
percentage of developed renditions was found for
trills, confirming it is the last sound to develop in
Croatian.
Slovenian, Serbian and Bosnian studies are all
based on Croatian norms, but recent studies also
suggest that the norms should be revisited. Muznik
[13] examined speech sound development in
Slovenian and reported similar order of SSD,
although considerably lower results for late
developing fricatives /s, z, ʃ, ʒ/ and for /r/ and a high
result for /l/ (92.26%). Regardless of the language
differences, the difference in the results may be
explained by the study design, since Slovenian study
included only 17 participants aged between 3;6 and
4;6 years. Serbian study [14] also reported higher
scores i.e. earlier development of speech sound
groups, but the sample size was also small (48
children aged 3 to 7), therefore the results can only
emphasize the need for a new large-scale normative
study in those languages as well.
The results did not reveal any gender differences.
Comparison of PCC for boys and girls did not reach
statistical significance (p=0.2). Majority of studies
reports no gender differences (cf. [8] for a review),
although they are mentioned in Croatian normative
study, but also in the recent Bosnian study [7] which
also did not find any gender differences.
4. CONCLUSION
The results show that 3-year olds’ speech sound
development in Croatian occurs later than reported in
the existing norms for /g/, /ɲ/, four fricatives, /s, z, ʃ,
ʒ/, affricates, laterals and the Croatian trill which
makes total of 12 out of 30 sounds. The normative
study neither complies with universals in motor
development, it includes outdated visual stimuli and
reports gender differences. The current study reports
more than 90% of developed renditions for all
vowels, semi-vowel /j/, stops /p, k/, nasals /m, n/ and
fricative /f/. If 75% of developed renditions is taken
as a criterion for speech sound development, Croatian
3-year olds have mastered all the vowels, semivowels and stops (except for /d/), nasals (except for
/ɲ/ and two fricatives /f/ and /x/. Similar trend, i.e.
lower age of acquisition was discussed in the context
of other Slavic languages (Slovenian, Serbian and
Bosnian) who still use Croatian norms or adaptation
of those norms. The task developed for this study
follows contemporary criteria for speech sound
assessment and is suitable for assessment of the
youngest age groups, therefore it can be used as a
basis for the development of Croatian speech
development test.
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ABSTRACT

as the sentence final position [7, 8]. Moreover, [7]
shows that, as a consequence of the systematic and
continuous co-variation between voice quality production and F0 in pitch production, the acoustic correlates of voice quality (such as spectral cues) also
systematically and continuously co-vary with F0 for
a given speaker.
This strong co-variation suggests that spectral
cues can be fairly informative in the tonal distinctions in Mandarin. Indeed, it has been reported that
tonal categories were more successfully recognized
using spectral information (mel-frequency cepstral
coefficients) than using F0 by a deep-neutral network classifier [15]. Human listeners of Mandarin
were also able to identify tonal categories fairly accurately in the absence of F0 information [12]. More
generally, spectral cues are important part of pitch
perception, since manipulating spectral cues can significantly shift the perception of pitch height [9].
Therefore, because of the co-variation between
spectral cues and F0 cues in pitch production, pitch
contrasts can be realized as either F0 and/or spectral cues. The question is then when the integration
of spectral cues in tone production and perception
is developed for Mandarin speakers? More specifically, is it gradually acquired during the process of
language development, or is it purely determined by
the physiological correlation between F0 and voice
quality? If it is the former, we expect to observe a
developmental path towards adult-like production in
their use of spectral cues; if it is the latter, we expect children to exhibit patterns similar to adults at a
very young age, as soon as they are able to produce
the pitch contours.
The acquisition of Mandarin tonal contrast has
been studied in both production and perception by
a number of different studies. In production, studies have found that children are capable of contrasting tones before the age of 3 [10, 4]; however,
their production of the pitch contours do not accurately match that of the adults even at the age of 5
[22]. In perception, while sensitivity to tones begin to develop before age 1 [19, 20], children only
reach adult-like discrimination by the age of 5-6 [3].

Previous studies have shown that voice quality is integrated in Mandarin tone production and perception: Voice quality systematically co-varies with F0
in tone production, and the covarying voice quality
cues (such as spectral cues) are sufficient to classify tonal categories both by human listeners and
by automatic classifiers. Given the salient role of
voice quality in Mandarin tonal contrast, this study
investigates whether the integration of spectral cues
in Mandarin tone production is acquired during the
process of language development, or is purely determined by the physiological correlation between
F0 and voice quality. By modeling the contrastivity
of Mandarin tones produced by children of different
age groups (4-11) as well as adults, we show that
children increasingly become better at using spectral
measures to contrast tonal categories as they grow
older. Therefore, the integration of spectral cues in
tone production is at least partially learned, rather
than purely physiological.
Keywords: spectral cues, voice quality, tonal contrast, Mandarin, tonal acquisition
1. INTRODUCTION
Voice quality serves as an important cue in the production and perception of Mandarin tonal contrasts.
It is well-known that, among the four lexical tones in
Mandarin (Tone 1: high level, Tone 2: rising, Tone
3: low-dipping, Tone 4: falling), the low-dipping
tone (Tone 3) is often produced with creaky voice
[1], and this allophonic non-modal voice in turn can
facilitate the perception of Tone 3 [1, 25]. However,
the integration of voice quality cues is not unique to
Tone 3; rather, all Mandarin tones are subject to the
same phonetic mechanism [7], where the presence
of allophonic non-modal voice is largely driven by
extreme pitch targets: high pitch is naturally associated with tense voice, and low pitch is naturally
associated with creaky voice [18, 17]. As demonstrated in [7], any tone can creak as long as it is
produced in low-pitched prosodic conditions, such
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Nevertheless, little is known about whether and how
voice quality cues are produced and perceived in
tonal contrasts by children. This study will serve
as the first step to answer this question, by modeling
the tonal spaces of children of different age groups
and comparing them with the production of adults.
Specifically, we test whether spectral cues significantly contribute to the dispersion of the tonal categories.

2.2. Computational modeling

To test whether all age groups were using spectral cues to distinguish the tonal categories, the
tonal production of the different age groups were
modelled using different feature sets: i) F0
(STRAIGHT), ii) only spectral cues (H1*-H2*,
H2*-H4*, H1*-A1*, H1*-A2*, H1*-A3*, H4*2K*, 2K*-5K*, and CPP) and iii) both spectral cues
and F0.
First, non-metric multidimensional scaling(MDS)
was used to calculate and visualize the dissimilarity
of the tonal categories in different focus conditions,
by the metaMDS function in the vegan package in
R [14]. Euclidean distance was used to build the
dissimilarity matrix.
Moreover, several machine-learning classification
algorithms, namely Linear Discriminant Analysis
(LDA)[21], Support Vector Machine (SVM; using
radial basis function kernel)[13], and Random Forest (RF) [11], were used to cross-verify the findings
from MDS. Average classification accuracy of tonal
classification was calculated for each age group
and feature set, from 100 trials of 10-fold crossvalidation.

2. METHODS
2.1. Corpus

We used the corpus collected by Yang and Chen
[24], consisting of 160 SVO Mandarin sentences
spontaneously elicited in a question-answer dialogue setting in a picture-matching game [23, 2].
The sentences consisted of 4 verb tones, 4 object
noun tones, 5 focus conditions, and 2 types of verbs
and object nouns. The five focus conditions in the
SVO sentences were: narrow focus on the verb (NFm), narrow focus on the subject (NF-i), narrow focus on the object (NF-f), broad focus (BF), and contrastive focus on the verb (CF-m). The corpus had
10-12 native Mandarin speakers in each of the four
age groups: 4-5, 7-8, 10-11, and a control-group of
adult speakers. The 160 sentences were divided into
two lists of 80 sentences, each elicited by half of the
participants in two recording sessions. The different
focus conditions in the corpus enable us to examine a range of variation of both F0 and spectral cues
within the tonal categories. In this study, we focused
on the contrastiveness of the tonal categories; the interaction between tone and focus will be discussed
in more detail in a follow-up study.

3. RESULTS
3.1. Multidimensional scaling

Results of MDS with k = 2 are shown in Figure 1.
All plots have stress ≤ 0.11, indicating that 2 dimensions were sufficient to achieve a good fit of the data.
Overall, across all age groups, the MDS tonal spaces
represented the distinction of high vs. low tone on
the first dimension (x-axis), and the distinction of
rising vs. falling contour on the second (y-axis).
As shown in the top panel of Figure 1, F0 cues
alone achieved a decent separation of the tonal categories even for the youngest age group (Age 4-5),
suggesting that children were able to make reliable
tonal contrasts using F0 at the age of 4-5. Children
of all age groups had distinct tonal clusters, older
groups exhibiting a rather small improvement in using F0 cues to distinguish the tonal categories. The
adults actually exhibited a tonal space that was less
spaced-out than that of children, though each tonal
category was more tightly clustered with no overlaps.
Shown in the middle panel of Figure 1, unlike
the MDS spaces for F0, spaces based only on spectral cues exhibited a dramatic developmental pattern
in which the overall separability of the tonal categories clearly improved with speaker age. At the
youngest age (4-5), only Tone 3 was evidently dis-

The corpus was forced-aligned using the Mandarin forced-aligner [26]. F0 and spectral measures
of the sentence-medial verb syllable were extracted
using VoiceSauce [16] and time-normalized into 9
timepoints, of which we removed the first 3 timepoints to eliminate any influence of the onset consonants. We used STRAIGHT F0 [6], Cepstral Peak
Prominence (CPP) for a measure of aperiodicity in
the signal, and spectral measures of the relative amplitude difference of the lower and higher harmonics to capture information about the spectral slope
(H1*-H2*, H2*-H4*, H1*-A1*, H1*-A2*, H1*A3*, H4*-2K*, 2K*-5K*, corrected for the influence of formant frequencies and bandwidths on the
harmonics [5]). All extracted measures were minmax normalized by speaker and recording session.
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Figure 1: Non-metric MDS plots (k = 2). The four tones are represented in different colors (Tone 1: black, Tone 2:
red, Tone 3: green, Tone 4: blue). The five focus conditions in the SVO sentences were: narrow focus on the verb
(NF-m), narrow focus on the subject (NF-i), narrow focus on the object (NF-f), broad focus (BF), and contrastive
focus on the verb (CF-m).

opmental pattern could still be observed: as children
grew older, within-category variation introduced by
the different focus conditions gradually decreased,
while cross-category variation gradually increased.

tinguished from the other tones by the spectral cues,
whereas the other tones were not as well-separated.
Older children (Age 7-8 & 10-11) showed substantial improvement in the separation of all four tonal
categories with just spectral cues, gradually forming
tighter clusters that were more similar to those of the
adults. For the adults, spectral cues alone were sufficient to well distinguish the tonal categories. As
shown in the bottom panel of Figure 1), using both
spectral and F0 cues showed minimal improvement
in separability from using just spectral cues, particularly for the adult speakers. Tonal categories were
well separated for all age groups, yet a clear devel-

Overall, our results clearly suggested that spectral cues play more important roles in tonal contrasts for adults and children at older ages than for
the very young children; and the integration of spectral cues in tone production gradually develops over
time. Some tone-specific patterns were observed,
such that Tone 3 was more clearly distinguished by
the spectral cues even for the youngest children (Age
4-5), but the integration of spectral cues continue to
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to some extent. The largest jump in accuracy (17%,
SVM) was observed between Age 4-5 and Age 78, indicating that spectral cues begin to play a more
important role for tonal distinction from age 7-8 onward.

develop for other tones.
3.2. Machine learning classification

Results from machine learning classification are
summarized in Table 1.
Table 1: Machine learning classification accuracy
of the four Mandarin tonal categories, averaged
from 100 trials, 10-fold CV

4. DISCUSSION AND CONCLUSION
This study investigated how spectral cues are integrated in the tonal production of children and adults.
The results of the both MDS and machine learning classification corroborated the finding that even
after children acquire the basic F0 contrasts, the
contrastiveness of the tonal categories continues to
improve, by integrating spectral information in the
voice. As shown in Figure 1 and Table 1, for the
adults, all tones were so clearly distinguished by the
spectral cues that adding F0 cues had minimal effect
in establishing maximal tonal contrast. This finding
is consistent with the result in [15], which is based
on a different corpus and recording set-up. For the
children, the youngest group in our study (Age 4-5)
produced tonal contrast based on F0 cues; however,
by the age of 7-8, children were capable of producing a more efficient yet reliable tonal contrast, using
a larger set of available cues. Furthermore, this development in the integration of spectral cues in their
tonal production, which is incomplete at age 10-11
and has a sharp curve between ages 4-5 and 7-8,
occurs independently of the development of the F0
cues in tonal contrastiveness, which shows a more
gradual improvement between the ages 4 to 11, and
does not continue into adulthood.

Classification Using Only F0
Age Group LDA
SVM
RF
Age 4-5
54.246% 57.667% 57.544%
Age 7-8
63.879% 68.348% 68.121%
Age 10-11
68.230% 70.885% 73.092%
Adults
60.210% 64.741% 71.185%
Classification Using Only Spectral Cues
Age Group LDA
SVM
RF
Age 4-5
50.526% 55.702% 54.491%
Age 7-8
66.606% 72.409% 73.121%
Age 10-11
66.299% 74.264% 72.977%
Adults
70.148% 79.123% 75.864%
Classification Using Spectral Cues & F0
Age Group LDA
SVM
RF
Age 4-5
59.228% 62.614% 62.070%
Age 7-8
77.803% 80.455% 80.348%
Age 10-11
77.908% 81.678% 81.034%
Adults
78.556% 84.247% 82.407%
Using just F0, the algorithms achieved higher accuracy for older children, with the highest of 73%
for the group Age 10-11 by the Random Forest (RF)
model. The classification accuracy for the Adults
was in fact lower than Age 10-11(RF), or even Age
7-8(LDA&SVM). Since the highest accuracy was
reached by the age group 10-11, we concluded that
by the age of 10-11, speakers were able to make
clear, even maximal tonal contrasts using F0.
When only spectral cues were used as features,
the highest accuracy of 79% was achieved by the
SVM model for the adult data. Results from using
spectral cues again displayed a developmental pattern into adulthood, ranging from 56% for Age 4-5,
72% for Age 7-8, 74% for Age 10-11, and 79% for
the Adults (SVM). The results suggested that the integration of spectral cues in producing the tonal contrasts was still not yet fully adult-like by the age of
10-11.
Finally, tone classification achieved the highest
accuracy of 84% using both F0 and spectral cues,
and for the Adults group. In general, classification
using both F0 and spectral cues had the best accuracy for every age group. This suggested that at all
ages, spectral cues were enhancing tonal contrasts

As tone production and perception involve rich information from the voice source, it is important to
investigate cues beyond F0. In this study, we have
shown that spectral cues become increasingly useful
in manifesting tone contrastivity. This developmental pattern can be explained in two ways: (i) children
actively learn to integrate spectral cues in their production of tones as part of their linguistic development, or (ii) pitch and voice quality are physiologically correlated differently for children and adults,
due to differences in the physiological control over
their voices. Though both explanations are possible,
the finding that tonal contrastiveness using just F0
cues are no better for the adults than for the older
children suggests that adults have learned to incorporate other useful cues in tone production, and thus
do not need to rely solely on F0 to make the contrast.
A perception study on the development of children’s
sensitivity to cues beyond F0 will be done to verify
this explanation.
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[9]), similar to the Albanian /l/-/ɫ/ contrast.
In the Albanian /l/-/ɫ/ contrast, the main acoustic
cue distinguishing the two phonemes is the distance
between F2 and F1 ([3],[10]). However, a comparison of American English, Catalan, and Italian, where
clear and dark laterals occur on an allophonic level,
indicates that formant transitions from a preceding
vowel into an intervocalic lateral start earlier in the
vowel, if the lateral is dark, and later, if it is clear
([16]). This temporal difference can constitute a secondary cue to the phonemic distinction of /l/ and /ɫ/.
The questions addressed in this study are twofold:
(1) To what extent do adults use these two cues in the
lateral contrast? and (2) Does children’s perception
of the contrast differ from that of adults? If so, how?

ABSTRACT
Purpose. The aim is to assess the development
of phonemic categorization in the typologically rare
dark /ɫ/–clear /l/ contrast in Albanian, a largely understudied language. Specifically, this study investigates the use of two cues (formant values, vowellateral transition durations) in perceptual categorization by young children. Method. By varying formant values and vowel-lateral transition durations,
continua between minimal pairs were created and
presented to child (3 and 5 years) and adult listeners
in an alternative-forced-choice identification task.
Results. (a) All groups used the primary cue (formant values) in phoneme categorization; children’s
categorization slopes were shallower and showed
greater variability than those of adults, especially in
the youngest group; (b) only adults used the secondary cue. Discussion. The study provides evidence that phoneme boundary sharpening in this lateral contrast is not yet fully established at age 5, and
that use of secondary cues develops only after this
age.

2. METHODS
2.1. Materials

2.1.1. Target words
Four target words (two minimal pairs) were recorded
in a recording studio by a female professional
speaker of Albanian, who repeated each target word
six times: pula ‘chicken’, pulla ‘postal stamp’, hala
‘fishbones’, and halla ‘paternal aunt’.1 These words
were the best candidates for this contrast from an exhaustive pool of 25 minimal pairs,2 given that they
had to be (a) imageable and (b) easily graspable by
children.

Keywords: first language acquisition, phonemic
contrasts, understudied languages, laterals
1. INTRODUCTION
Theories about developmental trends in phonetics
and phonology are mainly informed based on data
from some of the major languages. This study aims
to look at children’s perception of the typologically
rare phonemic contrast /l/-/ɫ/ (a distinction between
the alveolar clear lateral /l/ and the alveolar dark lateral /ɫ/, in all syllable positions) in an understudied
language, Albanian. Albanian is an isolated branch
of the Indoeuropean language family spoken in the
Balkan peninsula. The few studies on the phonetics
of Albanian that exist ([8], [3], [7]) look only at adult
language. Child data from other languages show that
perception of phonemic contrasts differs from that of
adults and develops over an extended period of time;
this holds especially true for contrasts where several
acoustic cues are involved ([6], [11], [12], [14], [13],

2.1.2. Stimuli
The stimuli were prepared using Praat (version
5.3.51, [2]): The target words were resynthesised
up to a frequency of 3 500 Hz; the original signal
for each target word of the region above 3 500 Hz
was then pasted onto the resynthesised part in order
to obtain more natural sounding stimuli where the
speaker’s non-linguistically relevant idiosyncratic
resonance characteristics were preserved. The lateral in each stimulus was manipulated using Linear Predictive Coding (LPC)-resynthesis along the
following two parameters: formant values (F1, F2,
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comparison of American English, Catalan, and Italian indicate that the vowel-to-lateral onset transition
starts approximately after the ﬁrst third of the vowel
in the case of a dark lateral and after two-thirds of
the vowel for a clear lateral. Based on these ﬁndings, the transition durations presented in Table 3
were used as values in the transition duration-based
darkness continuum.

F3), and temporal onset of formant transitions into
the lateral. Formant values were based on the average values of the six repetitions of hala, halla, pula,
and pulla, respectively. More specifically, the formant values for step 2 (“dark”) of the continua were
based on halla or pulla, while the values for step 4
(“clear”) were the average values of hala or pula.
Formant values for the stressed vowels (/a/ in “hala”
and “halla”, /u/ in “pula” and “pulla”) were based
on the average values of F1, F2, and F3 across all
12 repetitions of hala and halla, pula and pulla, respectively. Details are provided in Tables 1 and 2.
The formant values for F1 and F2 for the remaining continuum steps (step 1 (“very dark”), step 3
(“medium”), and step 5 (“very clear”)) were calculated from the values obtained empirically for steps
2 and 4. Likewise, F3 values were averaged from
the F3 values obtained from the original recordings,
and values for the other three steps were calculated
accordingly.

Table 3: Duration values for stimuli on the transition duration-based darkness scale (Cue2). Step
interval = 25 ms.

step 1 (very dark)
step 2 (dark)
step 3 (medium)
step 4 (clear)
step 5 (very clear)

2.2. Participants

Table 1: Formant values in the stable portion of
the lateral and in the stable portion of the stressed
vowel /a/ (V1): hala-halla continuum.

step 1 (very dark)
step 2 (dark)
step 3 (medium)
step 4 (clear)
step 5 (very clear)
/a/

F1 (Hz)
444
436
429
421
413
948

F2 (Hz)
967
1168
1398
1661
1973
1402

F 3 (Hz)
3064
3093
3122
3151
3182
2889

Table 2: Formant values in the stable portion of
the lateral and in the stable portion of the stressed
vowel /u/ (V1): pula-pulla continuum.

step 1 (very dark)
step 2 (dark)
step 3 (medium)
step 4 (clear)
step 5 (very clear)
/u/

F1 (Hz)
312
317
322
326
331
334

F2 (Hz)
662
913
1217
1591
1661
936

transition duration (ms)
135
110
85
60
35

Three groups of participants were tested:
• 3-year-olds: n=20; age range=3 years 1 month
– 3 years 7 months; mean age = 3 years 4.05
months; sd = 1.72 months;
• 5-year-olds: n=22; age range = 4 years 8
months – 5 years 5 months; mean age = 5 years
2.81 months; sd = 2.73 months;
• adults: n=18; age range = 19 years 3 months –
26 years 4 months; mean age = 22 years 11.6
months; sd = 24 months.
All participants were monolingual native speakers of
Albanian.
2.3. Task

F3 (Hz)
3316
3157
2965
2870
2736
3057

Transitions were linearly interpolated between the
vowel-speciﬁc values of F1 to F3 and the lateralspeciﬁc values given in Tables 1 and 2. On- and
offset times were kept constant for the lateral-tounstressed-vowel transitions; while the offset of the
stressed-vowel-to-lateral transition remained at the
same point in time, transition onset time varied. Results obtained by Recasens and Farnetani ([16]) in a
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An alternative-forced-choice identification task was
used to test participants’ perception of the /l/-/ɫ/contrast. Stimuli were played over Beyerdynamic
DT770 headphones in a random order; for each stimulus, the participant was presented with two pictures representing either of the target words (pula
‘chicken’, pulla ‘stamp’, hala ‘fishbone’, halla
‘aunt’) on a laptop computer touchscreen. Listeners
were instructed to touch the picture that they identified as represented best by the stimulus. Intermixed
with the test trials were control trials which paired
pictures of pula ‘chicken’ or pulla ‘stamp’ with either hala ‘fishbone’ or halla ‘aunt’. The stimuli
used for the control trials were taken from the extreme corners of the continuum grid described under Section 2.1.2. These trials were included to test
whether participants, especially the children, were
able to carry out the task as instructed. The exper-

iment was implemented through Percy ([4]), a webbased tool for perception experiments.

Table 5: Test trials: Predicted changes in the odds
of perceiving a dark vs. a clear lateral for changes
in Cue1 (formant values of the lateral). Bold face
indicates p < 0.05; an asterisk indicates p < 0.0001.

3. RESULTS
3.1. Control trials

3 − year − olds
5 − year − olds
adults

A response by a participant in the control trial was labelled correct if a stimulus taken from the endpoints
of the hala-halla-continuum was identified with the
picture of either hala ‘fishbone’ or halla ‘aunt’, but
incorrect if it was identified with a picture representing either pula ‘chicken’ or pulla ‘stamp’; and
vice versa. Participants were retained for analysis of
the test trials if they achieved at least 75% correct
answers in the control trials. Average achievement
rates for the three groups can be found in Table 4.
This control measure reduced the number of participants whose data entered the analysis (Section 3.2)
to 11 (3-year-olds) and 19 (5-year-olds) in the child
groups, respectively. All adults passed the control
trial test.

halla − hala
−24%
-45%*
-88%*

pulla − pula
-37%
-38%
-91%*

Figure 1: Predicted changes in the odds of choosing halla ‘aunt’ over hala ‘fishbone’, for Cue 1
(formant values).

Table 4: Control trials: Percentages of correct answers per group.

3 − year − olds
5 − year − olds
adults

mean
0.841
0.914
0.9934

sd
0.079
0.066
0.014

3.2. Test trials

The analysis of the responses by the three groups of
participants were carried out in R ([15]), using the
package lme4 ([1]), through a linear mixed effects
model for each minimal pair. Fixed effects were Cue
1 (formant values), Cue 2 (duration transition) and
Agegroup (adults vs. 3-year-olds vs. 5-year-olds)
as well as interaction terms of Cue 1 with Agegroup
and Cue 2 with Agegroup. Random intercepts were
included for participants and by-participant random
slopes for the effect of Cue 1 and Cue 2.

3.2.2. Cue 2 – Transition duration

Predicted changes in the odds of perceiving a dark
lateral vs. a clear lateral depending on changes in
Cue 2 (vowel-lateral transition duration) are summarized in Table 6 for the three groups and plotted in
Fig. 3 and 4.
Table 6: Test trials: Predicted changes in the odds
of perceiving a dark vs. a clear lateral for changes
in Cue 2 (vowel-lateral transition duration). Bold
face indicates p < 0.05.

3.2.1. Cue 1 – Formant values
Predicted changes in the odds of perceiving a dark
lateral vs. a clear lateral depending on changes in
the formant values of the lateral are summarized in
Table 5 for the three groups and visualized in Fig. 1
and 2.

3 − year − olds
5 − year − olds
adults
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halla − hala
+6%
−2%
-27%

pulla − pula
+5%
+3%
−7%

Figure 4: Predicted changes in the odds of choosing pulla ‘stamp’ over pula ‘chicken’, for Cue 2
(transition duration).

Figure 2: Predicted changes in the odds of choosing pulla ‘stamp’ over pula ‘chicken’, for Cue 1
(formant values).

to more dynamic transitions into a lateral from /a/
than from /u/.
Figure 3: Predicted changes in the odds of choosing halla ‘aunt’ over hala ‘fishbone’, for Cue 2
(transition duration).

By contrast, examination of the perception data
from children shows that they use formant values
for both minimal pairs; transition durations are used
for neither. In addition, phoneme boundaries are far
less sharp than those of adults, with a developmental
trend for boundary sharpening in the minimal pair
halla-hala. Regarding the other minimal pair, 3year-olds show a preference for pula ‘chicken’, presumably because, despite having been trained prior
to the experiment, the concept of pulla ‘postal stamp’
is perhaps somewhat unfamiliar to them.
These general findings are consistent with prior
work suggesting that learning to use multiple cues
develops over an extended period of time in childhood ([6], [11], [12], [14], [13], [9]). For example,
Idemaru and Holt ([6]) found that American Englishspeaking children between the ages of 4- and 5.5years old already use the primary cue in perception
to distinguish between the dark lateral approximant
/ɫ/ and the retroflex central approximant /ɻ/ (e.g., lice
vs. rice); however, consistent use of the secondary
cue is not yet fully developed even in 8.5-year-old
children.

4. DISCUSSION
This study is the first study that sheds light on the
perceptual weighting of acoustic cues in the Albanian contrastive pair /l/-/ɫ/ (a distinction between the
alveolar clear lateral /l/ and the alveolar dark lateral
/ɫ/). Data from adults show that the distinction between /l/ and /ɫ/ in intervocalic position relies primarily on the formant values of the lateral. Vowel-lateral
transition durations, however, are used by adults to
distinguish only the pair halla-hala. This may be due

In order to track these aspects of phonological development to maturity for Albanian, further work is
needed along two directions: (a) production and perception of the /l/-/ɫ/ contrast, in all syllable positions,
by children 3-12 years old (cf. [5]), and (b) comparison of /l/-/ɫ/ perception and production with other
contrasts such as /t/-/d/ or /ɛ/-/a/.

3143

5. ACKNOWLEDGEMENTS

102, 3711–3722.
[14] Ohde, R. N., Haley, K. L., Vorperian, H. K., McMahon, C. W. 1995. A developmental study of the
perception of onset spectra for stop consonants in
different vowel environments. The Journal of the
Acoustical Society of America 97, 3800–3812.
[15] R Core Team, 2018. R: A Language and Environment for Statistical Computing. R Foundation for
Statistical Computing Vienna, Austria.
[16] Recasens, D., Farnetani, E. 1994. Spatiotemporal
properties of different allophones of /l/: phonological implications. In: Dressler, W. U., Prinzhorn,
M., Rennison, J. R., (eds), Phonologica 92. Proceedings of the 7th International Phonology Meeting. Rosenberg & Sellier 195–204.

We would like to thank the student assistants Amarildo Çorape and Erdit Mimani, who ran the perception task for adults. Funding for this study was provided through a Research Fellowship at the Center
for Advanced Studies of LMU Munich, awarded to
the first author. The second author acknowledges the
generous support of Alexander von Humboldt Foundation through a Georg Forster Research Fellowship.
6. REFERENCES
[1] Bates, D., Mächler, M., Bolker, B., Walker, S.
2015. Fitting linear mixed-effects models using
lme4. Journal of Statistical Software 67(1), 1–48.
[2] Boersma, P., Weenink, D. 2013. Praat: doing phonetics by computer. version 5.3.51. Computer program.
[3] Bothorel, A. 1969–1970. Contribution à l’étude
descriptive des latérales de l’albanais. Travaux de
l’Institut de Phonétique de Strasbourg 2, 133–144.
[4] Draxler, C. 2011. Percy - an HTML5 framework
for media rich web experiments on mobile devices.
Proceedings of the 12th Annual Conference of the
International Speech Communication Association
(Interspeech2011) 3339–3340.
[5] Hazan, V., Barrett, S. 2000. The development
of phonemic categorization in children aged 6-12.
Journal of Phonetics 28, 377–396.
[6] Idemaru, K., Holt, L. L. 2013. The developmental
trajectory of children’s perception and production
of English /r/-/l/. Journal of the Acoustical Society
of America 133, 4232–4236.
[7] Jubani-Bengu, A. 2012. Fonetikë akustike. Analizë
e sistemit fonologjik. Tirana: SHPSH.
[8] Lowman, G. S. 1932. The phonetics of Albanian.
Language 8, 271–293.
[9] MacLeod, A. A. N., Sutton, A., Trudeau, N., Thordardottir, E. 2011. The acquisition of consonants
in Québécois French: A cross-sectional study of
pre-school aged children. International Journal of
Speech-Language Pathology 13, 93–109.
[10] Müller, D. 2011. Developments of the lateral
in Occitan dialects and their Romance and crosslinguistic context. PhD thesis Ruprecht-KarlsUniversität Heidelberg and Universitat de Tolosa 2
- Lo Miralh.
[11] Nittrouer, S. 2002. Learning to perceive speech:
How fricative perception changes, and how it stays
the same. The Journal of the Acoustical Society of
America 112, 711–719.
[12] Nittrouer, S. 2004. The role of temporal and
dynamic signal components in the perception of
syllable-final stop voicing by children and adults.
The Journal of the Acoustical Society of America
115, 1777–1790.
[13] Ohde, R. N., Haley, K. L. 1997. Stop-consonant
and vowel perception in 3- and 4-year-old children.
The Journal of the Acoustical Society of America

1

The digraph ll denotes the dark alveolar lateral, the
grapheme l the clear alveolar lateral.
2
The list of minimal pairs was compiled from a 30,000word dictionary of Albanian.

3144

A NEW TOOL TO ASSESS PRAGMATIC PROSODY IN CHILDREN:
EVIDENCE FROM 3- TO 4-YEAR-OLDS
Mariia Pronina1, Iris Hübscher1,2, Ingrid Vilà-Giménez1 and Pilar Prieto3,1
1

Universitat Pompeu Fabra, 2 URPP Language and Space, University of Zurich, 3 Institució Catalana de Recerca
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ABSTRACT
Prosodic and pragmatic abilities develop in parallel
over the preschool years and beyond. While tests that
measure prosodic skills in children do exist at present,
there exists no test that assesses children’s expressive
prosodic skills within a variety of pragmatically
relevant discourse contexts. We present a new
Audiovisual Pragmatic Test that is intended to fill that
gap. The test consists of picture-supported prompts
revolving around social scenarios which are based on
pragmatic assessment tests designed for children. The
administration of the test to 100 3- to 4-year-old
Catalan-speaking children obtained a total of 1294
appropriate responses (from a total of 3500 prompts).
The results indicate that at this age children start to
successfully produce pragmatically appropriate
statement, question, imperative and vocative prosody,
but tend to have difficulty with epistemically biased
sentences. All in all, this test is found to be suitable
for eliciting pragmatic prosody in preschool children.
Keywords:
Prosody,
pragmatics,
assessment, prosodic development.

prosodic

1. INTRODUCTION
Research in the last few decades has shown that the
prosodic features of language are crucial in signaling
sociopragmatic meanings in communication, such as
speech act marking, focus, or epistemic stance
marking ([2], [6], [10]). In the developmental
literature it has been shown that the acquisition by
children of increasingly complex prosodic skills goes
hand-in-hand with their sociopragmatic development
(see [17], for a review). However, relatively little is
known about the developmental path followed by
prosodic features in later stages of development ([9],
[11], [4], [1]).
If one reviews the set of currently available
prosodic assessment tools and protocols in children,
namely Prosody Profile (PROP) [5], Prosody Voice
Screening Profile (PVSP) [20], Diagnostic Analysis
of Nonverbal Accuracy 2 (DANVA 2) [14], Profiling
Elements of Prosody in Speech-Communication
(PEPS-C) [15], Perception of Prosody Assessment
Tool (PPAT), [12], and Minnesota Tests of Affective
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Processing (MNTAP) [13], it quickly becomes
apparent that they are not optimal to comprehensively
assess pragmatic prosodic skills in young typically
developing children (see Table 1 for a comparison of
features).
First, all six tests primarily focus on children with
atypical language development. While the PROP and
the PVSP were designed exclusively for clinical use
and the PPAT and the MNTAP were used for research
purposes in diverse clinical populations, the DANVA
2 and the PEPS-C (which were initially developed for
both clinical and research purposes) have been used
to assess clinical groups as well as typically
developing children.
Second, most of the prosodic tests focus only on
receptive abilities. While the PROP and the PVSP do
evaluate expressive prosody in terms of its acoustic
dimensions such as pitch, tempo, stress, loudness,
laryngeal quality and resonance, neither of these tests
covers the pragmatic functions of prosody in a
comprehensive way. Perhaps the PEPS-C is the only
one of these instruments that takes into account the
pragmatic function of prosody. Yet it only assesses a
few communicative aspects of prosody, namely, the
ability to place contrastive stress and express
affective stances (only two, liking and disliking), as
well as the production of neutral questions and
statements.
Importantly, most of the tests were designed for
children aged 5 or older, and only two of them are
appropriate for children aged 3 or 4 (the PVSP and
DANVA 2). Finally, the administration of most of
these tests is fairly time consuming (the DANVA 2,
PEPS-C and PPAT take around one hour, and the
MNTAP takes more than two hours) making it
difficult to apply them to young children in one
session.
To summarize, while prosodic assessment tests for
children do exist, (a) they are primarily designed for
clinical use or for research in diverse clinical
populations; (b) they focus principally either on
receptive prosodic skills, or on very basic expressive
prosodic skills and do not fully integrate the
pragmatic functions of prosody; (c) they are not
designed to assess preschool-aged children; and (d)
they are time-consuming.

Table 1: Comparative table showing the main features of the existing prosodic assessment tools for children
Test

PROP
PVSP
DANVA 2
PEPS-C
PPAT
MNTAP

Purpose
Clinical
use
+
+
+
+
-

Research
use
+
+
+
+

Target child
population
Typical
Atypical
+
+
-

+
+
+
+
+
+

All in all, no standard prosodic test to date is
optimized to assess in a comprehensive way young
children’s expressive prosodic abilities in relation to
pragmatic contextual situations. There is thus a need
for a standard elicitation test which allows researchers
to understand the acquisition of pragmatic prosody
during the preschool years and beyond. While some
research has been done on the early development of
intonation (for a review see [7]), our understanding of
how intonation is acquired in the preschool years and
beyond is still patchy. Moreover, studies on the
acquisition of prosody by young children typically
use speech corpus databases (see [18] for an
example), which require lengthy analyses. Thus,
given this state of affairs, the proposal will offer a
practical and efficient instrument that can elicit
reliable data.
The present study has two main goals, namely (a)
to present a new Audiovisual Pragmatic Test
(henceforth APT) designed for use with typically
developing children starting from the age of three;
and (b) to assess the first findings from a first
administration of this test to 100 3- to 4-year-old
Catalan-speaking children.
The APT tool presented here has two main
novelties which are strongly grounded on previous
research. First, its pragmatic coverage is
comprehensive yet appropriate for children starting
from the age of 3 because it takes into account
previous pragmatic tests designed for children of that
age group (see section 2.2.). Second, it uses a
carefully controlled picture-supported set of
Discourse Completion Task (DCT) items which
allows the user to assess prosody in relation to
pragmatic social contexts. Some of the selected
contexts have been based on published work on the
prosody and pragmatics of Catalan adults [19]. Thus,
this paper will assess whether the DCT elicitation
methodology, which has been successfully used for
assessing adult intonational grammar, can be also
applicable to obtain expressive developmental data
for 3- and 4-year-old children. This is of special
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Prosodic skills assessed
Expressive

Receptive

+
+
+
-

+
+
+
+

Target
age
range

Administration
time

–
3-81
3-99
5-14
7-12
6-11

–
–
1 hour
1 hour
1 hour
2-3 hours

importance given the lack of knowledge on the
acquisition of prosody in preschoolers and the fact
that the majority of the prosodic tests are not designed
to assess preschool-aged children.
2. METHODOLOGY
2.1. Participants

Because this first version of the new APT tool is in
Catalan, it was administered to 100 3- to- 4-year-old
native Catalan-speaking children (45 male and 57
female; mean age = 46.92 months, SD = 3.28 months;
age range 41 to 53 months). All participants were
preschoolers at two Catalan public schools, located in
the middle-income district of Sant Martí within the
metropolitan area of Barcelona, where the population
is largely Catalan-Spanish bilingual. Prior to the
experiment, the children’s parents signed a
participation consent form and completed an
occupational status questionnaire (mean ISEI score =
61.32, SD = 12.7 [8], confirming middle class SES
scores) as well as a language questionnaire regarding
the daily exposure of their child to Catalan (mean
overall exposure time = 57.9%, SD = 22.2). All
children were typically developing children and had
no history of speech, language, or hearing difficulties.
2.2. Materials

The APT was designed to test pragmatic and
prosodic abilities from early childhood up to
adolescence. The general design and elicitation
procedure of the APT is on the one hand based on a
variety of currently used pragmatic tests for children,
e.g., the Test of Pragmatic Language (TOPL-2) [16];
the Clinical Evaluation of Language Fundamentals–
5 (CELF-5) instrument [21]; and the Comprehensive
Assessment of Spoken Language–2 (CASL–2) tool
[3]. On the other hand, some selected contexts have
been extracted from adult DCT questionnaires on
Catalan prosody [19]. The elicitation procedure was
based on the DCT method, in which the participant is

asked to imagine an everyday social context and then
to respond to it as naturally as possible.
A total of 47 items were designed for the APT tool
that represented some context that might plausibly
occur in everyday life. All 47 items were
accompanied by illustrations which were specifically
designed for the APT (see Fig. 1 for an example).
Figure 1: Item number 22 of the APT showing text
and illustration intended to elicit an expression of
concern for a friend.

“Acabes de veure que el teu
amic s’ha entrebancat i ha
caigut. Què li diries?”

administration of the tool. We note that in this test it
is especially important that young children feel
comfortable in the presence of an unknown tester, that
is why the experimenter should engage children in
warm-up conversation, encourage them to participate
and try to contextualize items if children show
difficulties.
Each child participant was exposed to all 35 of the
test items. The total duration of the full procedure was
between 15 and 20 minutes.
2.4. Scoring

‘Your friend just tripped and
fell down. What would you
say?’

For the purposes of the study, given that the testtakers would be 3- to 4-year-old children, only the
first 35 items of the test were applied. We deemed the
last 12 items not to be adequate for this age range,
since they represent complex social contexts that
preschool children likely do not encounter, for
example, to politely refuse to give personal
information. The target 35 items were classified into
five areas according to the pragmatic functions they
intended to elicit, namely basic interaction skills (6
items), speech-act marking (6 items), affective stance
marking (13 items), focus marking (3 items) and
marking of epistemic bias (7 items) such as
uncertainty or obviousness. The items were presented
in a fixed order based on increasing pragmatic
difficulty.
2.3. Set-up of the APT and procedure

The children were tested individually in a quiet
room at their respective preschools by the examiner
(the first author and three trained research assistants)
and all the sessions were videotaped which allows for
future prosodic analyses and inter-rater reliability
scores. The child faced the computer screen where the
images for each item were presented. At the
beginning of the test, two familiarization trials were
carried out. For all items, the examiner described the
social situation in a lively child-directed fashion
while the child was looking at the illustration
displayed on the computer screen. The examiner then
asked the child to respond appropriately as if he or
she was a character in the situation. If the child
showed any difficulties understanding a situation or
did not behave as expected, the examiner tried to
contextualize the situation by changing the characters
in the prompt by names who are likely to be important
to the child (such as a friend, parent or teacher). This
technique was applied as needed during the
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The scoring of each response was carried out online
by the examiner. Two complementary scores were
given, namely, pragmatic appropriateness and
prosodic appropriateness (e.g., enactment of the
response).
The pragmatic appropriateness of responses was
given a score from 0 to 2. While a score of 0 was
recorded when the child’s verbal response was either
pragmatically inappropriate (for example, saying “It
wasn’t me” in response to the prompt shown in
Fig. 1), or completely absent. A score of 1 was
recorded if the child gave pragmatically appropriate
but not elaborate responses that typically consisted of
a single word or a simple construction (e.g., saying
“Are you okay?” in response to the prompt shown in
Fig. 1). Finally, if the answer was pragmatically
appropriate and the child produced elaborated speech
that typically included a more complex set of
constructions (e.g., saying “Are you alright? Do you
want me to go to the doctor with you?” in response to
the prompt shown in Fig. 1), a score of 2 was
recorded. The scores were then added for a total
ranging between 0 and 70 for pragmatic
appropriateness (35 items × 2 points per item).
Prosodic appropriateness was given a score from
0 to 1 depending on whether the child adequately
enacted his or her response or not. A prosodic score
of 0 was given if (a) the response was pragmatically
incorrect, thus we could not analyze the prosody of
the speech; or (b) if the child did not enact the
scenario, that is, if he or she did not take the
perspective of the situation’s character and used
indirect speech (e.g., to the question “What should
you say?” the child answered “That he shouldn’t
cry”). A prosodic score of 1 was given if the response
was pragmatically appropriate and the child enacted
the situation and answered with the prosody that
would be appropriate if the situation was really
happening at that moment and used directed speech
in first-person (e.g., to the question “What should you
say?” the child answered “Don’t cry!”).

3. RESULTS
From the total amount of 3500 potential responses
(35 items × 100 children), 49,9% (1748 target
sentences) of pragmatically appropriate responses
and 36,9% of prosodically appropriate responses
(1294 target sentences) were obtained. A large
majority of the children engaged in the activity to one
degree or another, with only 1% of the group failing
to enact any item. These results indicate that the APT
allows for the gathering of a considerable amount of
prosodic patterns produced by preschool children
starting at three.
It is thus clear that three-year-old children start to
successfully enact situations and produce semispontaneous speech to contextual prompts, which
confirms the sensitivity and suitability of the measure
for the youngest children in terms of the elicitation
technique applied.
In order to assess the prosodic profile of children
at this age, we analyzed obtained responses according
to the pragmatic areas (basic interaction skills,
speech-act marking, affective stance marking, focus
marking and marking of epistemic bias). The results
show that 66% of them produced appropriate
responses to scenarios that focused on basic
interaction skills (e.g., greetings, farewells,
expressions of gratitude). As for basic speech acts
(statements, questions, imperatives, vocatives), 43%
of this subgroup successfully produced the target
prosodic outcome in these contexts. Thirty-seven
percent produced sentences to express different
affective and emotional states such as discontent,
guilt or sympathy (e.g. scolding request, regret,
congratulatory sentence), and 29% managed to
correctly express emphasis or focus. Finally, more
complex sentence types encoding epistemic biases
like uncertainty and obviousness in statements or
confirmation in questions were the most difficult area
for expressive prosody at this age. Only 17% of the
children were able to successfully enact prosody with
these items. This suggests that, in general, these 3- to
4-year-old children had trouble responding the
situations conveying pragmatic meanings related to
beliefs and epistemic status.
4. CONCLUSIONS AND DISCUSSION
The first goal of this paper was to present the
Audiovisual Pragmatic Test (APT). In contrast to the
existing prosodic tests, this new tool has been
developed to assess prosody in relation to pragmatic
social actions in typically developing children
starting from the age of three. As such, the novelty of
this tool lies in two main features, namely, (1) it
provides comprehensive coverage of socially
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appropriate pragmatic situations, which allows for the
assessment of pragmatic prosody; and (2) it uses a
carefully controlled DCT elicitation method which is
enhanced by the use of illustrations.
The second goal of the paper was to provide the
first results from the administration of the APT tool
to 100 3- to 4-year-old Catalan-speaking children.
Our results suggest that the APT test was usable with
3- to 4-year old children, allowing the test
administrator to obtain 49,9% pragmatically
appropriate responses and 36,9% prosodically
appropriate responses. With regard to the prosodic
skills of 3- to 4-year-olds, our initial results revealed
that, as expected, children at this age cope best with
items involving basic interaction skills, followed by
basic speech act prosody, as well as prosody that
marks affective stance, information and contrastive
focus, and least well with biased-sentences.
These results are in line with previous reports
based on spontaneous speech data analyzing
children’s intonational grammar and suggesting that
by the age of two, infants are able to produce
pragmatically appropriate prosody for basic speech
acts ([17], [18]). Importantly, one of the strengths of
using this method as compared to collecting natural
speech data is that it allows for a collection of a large
amount of pragmatically-based prosodic data in a
relatively short period of time.
Though these results may be regarded as an initial
indication of the pragmatic prosodic skills available
to 3- to 4-year-olds, a more in-depth analysis of the
development of pragmatic prosody in preschool-aged
children is clearly still needed.
Though this preliminary version of the instrument
was written in Catalan, it can easily be adapted to
other languages. This suggests that the APT has the
potential to be of great utility in future research across
languages on the parallel development of pragmatic
and prosodic skills, particularly in young children.
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ABSTRACT
While phonetic features of infant-directed speech
(IDS) have been described cross-linguistically, especially in mothers, the reasons and conditions under
which they are found are less clear. In this study,
phonetic cues of IDS are investigated in 21 Swedish
mothers and fathers including mean fundamental
frequency (f0), variation in f0, formant values and
vowel space size. The speech material contains read
and semi-spontaneous speech. Also, the involvement
in child care is considered as a potential interacting
factor.
Results show that differences between mothers
and fathers in IDS are small and that differences in
the involvement in child care are not reflected in the
extent of the IDS features used. F0 differences are
found in IDS in both semi-spontaneous speech and
(although to a smaller extent) in read speech. In contrast, vowel space enhancement is only found in
semi-spontaneous speech and differences between
the genders appear regarding individual formants of
certain vowels.
Keywords: infant-directed speech, gender, fundamental frequency, vowel space size, formants
1. INTRODUCTION
Infant-directed speech (IDS) or motherese has been
found to be characterized cross-linguistically by
various phonetic modifications, such as increased
average fundamental frequency (f0), larger f0 excursions ([1] for French, Italian, German, Japanese,
British English, and American English, [2] for British English) and enhanced vowel space (e.g. [3,4]
for Russian, Swedish and English, [5] for Mandarin
Chinese). In connection with these findings, the
question has been discussed whether vowel space
expansion is indeed an inherent characteristic of IDS
with the purpose of enhancing acoustic contrasts
between sounds, thus promoting language acquisition ([4,6]). [5] on Mandarin Chinese supports this
assumption showing that a relationship exists between mothers’ use of enhanced vowel spaces in
IDS and their children’s speech discrimination performance. Similarly, [7] found that vowel hyperar-
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ticulation enhances word recognition in 19-montholds. While vowel hyperarticulation is also found in
speech to foreigners ([6]) or to hearing impaired
adults ([8]), it is not found in pet-directed speech
([9]). This indicates that hyperarticulation may be
related to the talker’s knowledge of the listener’s
linguistic competence.
Other studies have suggested that vowel space expansion is not a result of hyperarticulation per se but
rather results from formant raising as a byproduct of
a) trying to sound smaller and non-threatening
acoustically indexed by higher formants in general
([10]), or b) increased smiling behavior in IDS
([11,12,13]). This claim is based on the lack of finding enhanced phonetic contrasts in IDS
([11,12,14,15,16]) and the importance of the infant’s
feedback. [17] tested the role of the infants’ feedback by manipulating the mothers’ knowledge of
whether they believed their infants could hear them
or not, and by changing the audibility of the speech
signal available to the infant. While the mothers’
knowledge did not affect the vowel articulation, the
infant’s feedback did: enhanced vowel spaces were
only found in the audibility condition where infants
gave feedback to the mothers’ interaction. [13] tested the importance of feedback by using storybook
read speech, where mothers focused their attention
on the book rather than on their infants. And, indeed,
they did not find an expansion of the vowel space
but only a systematic shift of the first two formants
in /i/ and /u/. The present study follows this line of
research, investigating whether IDS shows enhanced
phonetic contrasts to facilitate speech acquisition or
whether the infant’s feedback/communication with
the adult is the triggering factor. Going a step further
than [13], the relevance of the communicative situation is investigated not only by looking at read
speech, but by comparing IDS in read and semispontaneous speech elicited from the same participants.
Furthermore, IDS has been investigated primarily in
mothers, who traditionally are the main caregivers.
Studies including fathers show differences between
the genders regarding prosodic modifications (cf.
[2]). A possible interacting factor might be the involvement in child care, as was suggested in [18],
where a relationship between the involvement of a
father and the amount of speech directed to the child

was found. Regarding vowel space size, we are not
aware of any larger study including fathers. Thus,
the present study comprises read and semispontaneous speech of both mothers and fathers; the
acoustic parameters investigated are f0 modifications, formants and vowel space size. Additionally,
the involvement in child care is examined as a potential influencing factor.
2. METHOD
The data presented here is part of a larger longitudinal project ([19,20]) investigating IDS and ADS in
Swedish and German mothers and fathers, also examining the involvement in child care and the selfascribed gender identity of a speaker on IDS and
ADS over a time span of one year. The fathers in
this material differ with respect to timing and extent
of parental involvement, while the mothers constitute a much more homogeneous group in this regard.
Speech recordings are made with the participating
caregiver before the child is born and at three time
points during the child’s first year. In this paper,
Swedish IDS (directed to the infant) and ADS (directed to the experimenter) of the second recording
are presented. The age of the babies ranges between
4 months, 5 days and 6 months, 27 days. To account
for individual differences between speakers and
genders, for each speaker, the analyzed parameters
of the first recording are taken as reference values
(and set to 100%). Values at time 2 are calculated in
relation to the reference value.
2.1 Participants, speech material and involvement in
child care

The data comprises recordings at two time points of
10 mothers (mean age: 30.8) and 11 fathers (mean
age: 31.5). Participants were recorded in their homes
by the same female experimenter using a headsetmicrophone (Sennheiser ew 100 G3 – SK100) and a
ZOOM – H6 Handy Recorder. The speech material
consists of a) a semi-spontaneous picture describing
task using 15 pictures showing, among other things,
the carrier words, e.g., ko (cow), bok (book), bord
(table), väska (bag), katt (cat), fisk (fish), himmel
(sky), kaka (cake) and b) read speech using different
short texts of the book “Alla vi barn i Bullerbyn”
([21]). The texts were slightly changed to contain the
target vowels within recurring carrier words such as
the names of the children and other common words
(e.g. Lasse, Bettan, Rolf, flicka (girl), fick (got). Table 1 gives an overview of the number of tokens
investigated separated by speech material and register.
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In addition to the recordings, data was gathered relating to involvement in child care using a questionnaire. Participants were asked about (a) the amount
of time spent with the child and the tasks done with
the child (12 items) and (b) the amount of speech
(singing, reading, talking) directed to the child (3
items). Items were rated on a scale from 1 (seldom/little/always the partner) to 7 (often/much/ always myself). Two average values were then calculated for each participant reflecting their general
involvement in child care (a) and the amount of
speech directed to the child (b).
Table 1. Number of tokens separated by speech
material and speech register (ADS/IDS)

i
ɛ
a
ɑ
ɔ
u

Read speech
(ADS/IDS)
209/122
144/81
215/128
199/113
198/117

Picture description
(ADS/IDS)
246/106
357/193
202/111
142/76
607/280

2.2 Acoustic analysis

Formants and fundamental frequency measures were
analyzed in PRAAT ([22]). F1 and F2 were estimated at the vowel midpoint and mean values for each
speaker/register and speech task were calculated (in
Bark). Vowel space sizes were estimated using the
polygon in F1xF2 space defined by the vowels /i ɛ a
ɔ u/ for read speech and /i ɛ a ɑ u/ for the picture
description. Also, mean fundamental frequency (f0)
and variation in f0 (SD) were calculated (range: 50600 Hz) for each speaker/register and speech task.
Any confounding vocalization of the child was cut
from the recording.
3. RESULTS
Linear mixed models were run using the lme4 package ([23]) in R ([24]) separately for read and spontaneous speech and each acoustic parameter. We entered speaker gender (m, f) and the speech register
(ADS, IDS) as potential fixed factors and a random
intercept for speaker. P-values were obtained using
Likelihood ratio tests comparing the model with the
factor/interaction in question with the model without
this factor/interaction. Also, Pearson correlations
were run between the parental involvement/amount
of speech directed to the child and the degree of IDS
(i.e. increase in vowel space or f0 in %).

Figure 1 shows mean f0 as a function of register,
separated by speech material and speaker gender.
Remember that values are given in %, expressed in
relation to each speaker’s reference measurements at
the first time point to normalize between individuals
and genders. Differences between the registers can
be seen in the figure and these are reflected in the
statistical analysis. For the picture description task, a
significant main effect for register was found (χ²(1)=
20.5, p < .001) reflecting increased mean f0 in IDS
compared to ADS regardless of speaker gender. For
read speech, also, a significant effect of register was
found (χ²(1)= 21.4, p < .001), even though the difference between IDS and ADS is smaller here than
in the semi-spontaneous speech (Estimate = 9.4 percent points for read speech vs. 22.1 for picture description). Note that results do not change when the
Bark scale is used.
Figure 1. Mean fundamental frequency (f0, in % of
reference recording at time 1) separated by speech material, speaker gender and speech register. Significant
differences marked by an asterisk.
f

f

pic

read

140

Mean f0 (in %)

120

*

100

*

80

register
m

m

pic

read

*

*

ADS
IDS

140
120
100
80
ADS

IDS

ADS

IDS

Also regarding variation in f0 (SD) a significant
effect of register was found for both the picture description task (χ²(1) = 7.9, p < .01) and read speech
(χ²(1) = 4.4, p < .05). Here, too, the increase in f0
variation in IDS was stronger in the picture description task with 30.4 percent points compared to only
15.1 in the read speech.
3.2 Vowel space size

Figure 2 shows the vowel space size (again in % of
time 1) separated by speech material, gender and
register. Differences between IDS and ADS can be
seen for the picture description task and a significant
main effect of register was found (χ²(1)= 15.2, p <
.001). There was no difference between fathers and
mothers. Thus, as apparent from the figure, both
mothers and fathers show significantly larger vowel
spaces in IDS than in ADS. Even though a tendency
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for increased vowel spaces in fathers can be seen
also for read speech, this effect was not significant
in the model, probably due to the high variability
within ADS.
Figure 2. Variation in vowel space size (in % of reference recording at time 1) separated by speech material, speaker gender and speech register. Significant differences marked by an asterisk.
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To further investigate the differences between the
individual vowel categories Figure 3 shows the average vowel spaces for IDS (red, dashed line) and
ADS (blue, solid line) of the picture description task
separately for fathers and mothers. The different
sizes of the ellipses reflect the difference in intraand inter-speaker variation between the vowel categories. It is apparent from the figure that there is no
general increase in formant values across all vowels
and both F1 and F2, but rather individual changes in
particular formants and vowels. In detail, /a/ and /ɛ/
(and in fathers also /ɑ/) show higher F1 and F2 values in IDS, thereby shifting the vowel space towards
a more fronted and open articulation. While /i/ in
fathers stays stable, it shows higher F2 but lower F1
values in mothers, resulting also in a more fronted
articulation but also an increased distance to /a/ in
IDS compared to ADS. /u/ behaves somewhat differently between the genders: while in fathers, only a
change in F2 can be seen, in mothers both F1 and F2
reveal higher values.
The statistical analysis with F2 as dependent variable showed a significant interaction of vowel category and register in mothers (χ(5)=19.6, p < .01), with
increased F2 values in IDS in /i/ (p < .05), /u/ (p <
.01) and /ɛ/ (p < .01). For fathers on the other hand,
a significant interaction of vowel and register was
found for F1 (χ(5) = 27.45, p < .001) with increased
values in IDS for /a/ (p < .001) and /ɑ/ (p<.01).
Thus, vowel and formant specific changes are responsible for the larger vowel space size in IDS in
spontaneous speech. Results thereby do not corroborate the existence of a larger vowel space in IDS
being due to an increased smiling behavior or due to
a lengthening of the vocal tract and the effort to

Figure 3. Average vowel spaces (in Bark) in ADS
(solid line, blue) and IDS (dashed line, red) of the picture description task separated by speaker gender.

3.3 Involvement in child care

Figure 4 shows the distribution of the involvement
in child care (left plot) and the amount of speech
directed to the child (right plot) separated by speaker
gender. As expected, mothers reveal higher values
than fathers with respect to the involvement in child
care (p < .001). The difference between the genders
in the amount of speech directed to the child was not
significant (p=.10). Within the fathers, a high degree
of variation appears regarding both scales, with
some fathers showing very small values and others
showing values similar to the mothers. Within the
mothers, variation is also high regarding the amount
of speech directed to the child. This variation in
child care involvement/speech to child, however,
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was not found to be related to any of the IDS features. No significant correlation between the involvement in child care or the amount of speech
directed to the child and the degree of IDS with respect to any of the acoustic parameters was found
within mothers or fathers.
Figure 4. Variation in involvement in child care (left)
and speech to child (right) separated by speaker sex.
Significant differences marked by an asterisk.

*

6

6

speech to child

involvement in child care

sound smaller and non-threatening [10]). In addition,
the changes differ between the genders.
For read speech, a significant main effect of register
was found for F2 in mothers (χ (1) = 4.02, p < .05)
and no interaction with vowel category, mirroring a
higher F2 value in IDS regardless of vowel. Also, in
fathers no interaction between formant value and
vowel category was found. However, the main effect
of register on F1 only marginally failed to show
significance (p = .057). Overall, the effect of register
on vowel formants seems to be more general in the
read speech task than in semi-spontaneous speech
pointing to different underlying mechanisms, i.e. in
read speech we find a shift in vowel space (more
fronted in females, more open in males), whereas in
spontaneous speech we find an increase in vowel
space size.

4

2

4

2

f

m

f
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4. DISCUSSION
The Swedish mothers and fathers of our study behaved similarly regarding the acoustic-phonetic features found in IDS but involvement in child care was
not an explaining factor. A potential reason for this
might be the ongoing decrease in gender differences
in parenting. For example, in the 1990s gender differences found in vocabulary and conversational
aspects of IDS have been claimed to be due to differing parental roles, with mothers supposed to
“provide a feeling of security” vs. fathers supposed
to “prompt the child to attain higher levels of success” [25]. This, however, seems to be outdated
especially in a society like Sweden with a leading
position in gender equality and compatibility of family and work in Europe since the 1970s.
A clear effect of speech register was found on mean
f0 and variation in f0 for both speech tasks. The
effect was however larger for the picture description
than for the read speech. Larger vowel space sizes
were found in IDS only for the picture description
task. Thus, we did indeed find that IDS characteristics were stronger in semi-spontaneous than in read
speech. This is in line with studies emphasizing the
importance of a communicative situation and the
infant’s feedback [13]. In addition, the underlying
formant changes differed between the speech tasks
and, also between the genders. While fathers showed
stronger effects for F1, mothers showed larger differences in F2. These effects were vowel specific in
the semi-spontaneous speech but not in the read
speech, resulting in larger vowel spaces only in the
first one. Thus, while keeping in mind that speaker
sample is small, neither a general increase in formants reflecting the adult’s effort to sound nonthreatening [10], nor an increase in F2 due to increased smiling behavior [11] can explain the vowel
space enhancement found in spontaneous IDS.
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ABSTRACT

Vowels in child-directed speech (CDS) can differ
from those in adult-directed speech (ADS) in the
same language. Some speech communities, including
in Papua New Guinea (PNG), are said to lack special
CDS styles. The present study compares vowel
acoustics and duration in CDS and ADS for the
Papuan language Nungon of PNG. Vowels in
conversations between two mothers and their children
(2;2 and 3;2) are compared with vowels in
monologues by two other women. Multi-point
phonetic analyses were applied to evaluate formant
trajectories for all six phonemic vowels in CDS and
ADS. Preliminary analyses suggest that formant
trajectories in CDS are similar to those in ADS, but
F0 range variation differs significantly, and the ADS
duration difference between short and long vowels is
reduced in CDS. These results suggest that vowels in
Nungon CDS follow an established cross-linguistic
pattern in the ways they differ from ADS vowels.
Keywords: Nungon, vowel, acoustics, CDS, ADS,
Papuan
1. INTRODUCTION
It is well known that adults show different patterns of
speech when communicating with infants and
children than they do with other adults. The special
speech style adults use when addressing children is
known as infant- or child-directed speech (IDS/CDS).
IDS and CDS typically differ from adult-directed
speech (ADS) in several ways. Among these are use
of higher pitch and exaggerated pitch contours [3, 4,
6, 9, 19]. In some cases [e.g., 6], there is evidence of
increased within-category variation (or formant
movement) or hyper-articulation of vowels [3].
Studies have shown that not only do infants prefer
IDS over ADS [e.g., 23] as it attracts their attention,
but that it can facilitate word recognition [18] and
language development in general (see [21] for a
review). Finally, when comparing prosodic features
in ADS vs. IDS across different emotions, [19] found
few differences between the two registers in terms of
their acoustic features (e.g., pitch, pitch contour,
rhythm, etc.) but robust differences in these features
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across the different emotions in the IDS and ADS
samples.
In this study, we compare vowel production in
ADS and CDS in Nungon, a Papuan (nonAustronesian) language spoken by 1,000 people in
remote hamlets of the Saruwaged Mountains,
northeastern PNG. Nungon belongs to the FinisterreHuon language group [12] and is actually an umbrella
term for the four southern dialects of a dialect chain,
grouped together based on morphosyntax and
lexicon. Of these, the dialect that has been bestdescribed is that of Towet village [14]; this is the
target dialect here.
While many studies show that IDS and CDS is
used cross-culturally, one other speech community in
PNG (Bosavi) has been said to lack a special CDS
style, for ideological reasons. That is, Schieffelin [17]
has suggested in the only fully-analysed longitudinal
study of L1 acquisition in PNG to date that CDS in
the Bosavi speech community lacks at least some of
the linguistic modifications attested for English CDS.
Schieffelin attributes this to Bosavi language
ideology, with parents maintaining that children must
hear and repeat ‘hard language,’ or adult-like speech
[17].
Unlike the claims for Bosavi in [17], Towet
Nungon is known to have a special CDS style,
including modification of certain consonants [15].
For this reason, in this study we investigate whether
Nungon CDS also features vowel modification,
measured acoustically. Specifically, we target vowel
formants, measured across the length of the vowel,
pitch range, and duration.
According to Sarvasy [14], Nungon has six
phonemic vowels, /i e a ɔ o u/, with contrastive vowel
length. The first acoustic-based vowel plot for
Nungon was in [14]; more extensive acoustically
measured vowel differentiation and duration
contrasts are established in [16].
2. METHODS
The current study compares data from two different
cohorts of two speakers each. Work in progress will
compare ADS and CDS for the same speakers, but at
this point the two cohorts do not overlap.

2.1 SPEAKERS

The ADS cohort includes two women aged ~26 and
~45. Both grew up within the Towet village
community and are fluent in the Towet Nungon
dialect. The CDS speakers are two women aged ~22
and ~32. Both grew up in Towet village and are fluent
in Towet Nungon.
2.2 ADS RECORDINGS AND TRANSCRIPTIONS

Vowel acoustics for ADS were analysed based on
tokens in narratives recorded between September
2011 and March 2013. The speakers delivered
monologues on themes of their own choice such as
personal anecdotes, and were recorded in close range
using the built-in twin microphones of a Zoom H4N
Handy audio recorder with no external microphone,
at a 44.1 kHz sampling rate, in WAV format. One
narrative of 1:45 duration (for the younger woman)
and two narratives of 1:46 and 0:44, as well as a brief
introductory statement of 0:21 (for the older woman),
served as source material. These were digitally
transcribed together with native Nungon speakers in
the field in 2011–2013.
2.3 CDS RECORDINGS AND TRANSCRIPTION

The two women were recorded monthly for an hour
at a time interacting with their children over two years
between 2015 and 2017 as part of a longitudinal study
of five children acquiring Towet Nungon. Of these
monthly recording sessions, two were used for
analysis here, one approximately hour-long recording
for each speaker. The children were aged 2;2 (female)
and 3;2 (male). The women sat in a natural indoor or
outdoor setting with the target child, a local research
assistant, and one or more others. Interaction was
videotaped using a Canon IXUS 190 digital camera
held by a research assistant or mounted on a tripod.
Interaction was audio-recorded with a Zoom H5
recorder mounted on a tripod and pointed toward the
target child. Recordings were done at a 44.1 kHz
sampling rate, in WAV format. Recordings were
transcribed in Mid-CHAT format [11] by native
Towet Nungon speakers on Lenovo laptops in the
village.
2.5 ACOUSTIC ANALYSIS

The ADS and CDS transcriptions were searched for
words that included the six phonemic Nungon vowels
in word-initial, word-medial and word-final
environments, and not adjacent to nasals. While the
ideal was to find the same word, e.g. agep ‘firm,’ in
all transcriptions, the uncontrolled nature of subject
matters made this difficult. If tokens of a word
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exceeded 20 in a single transcription, only the first 20
tokens were used. The corresponding audio was
hand-screened for obviously poor recording quality
and obscuring background noise. 223 vowel tokens of
eligible words were selected for ADS and 464 for
CDS.
The transcriptions were then manually aligned at
utterance level before the use of Munich Automatic
Segmentation System (MAUS) for forced alignment
at the word and phonetic level. WebMAUS [8]
performed this task in two steps: first, it conducted
grapheme-to-phoneme conversion; then it produced
alignment in the ‘language independent’ mode that
does not require language training in advance,
pragmatic for under-described languages [7, 10].
Later, the segmentation by MAUS at phonetic level
was manually checked and adjusted, as there were a
large number of cases in which misalignment
occurred.
The vowels’ duration, fundamental frequency and
formant values were extracted using the analysis
techniques of previous studies [e.g., 5]: 30 evenly
distributed points starting from the 20% point to
the 80% point of the vowel duration in Praat [2]. The
obtained series of formant values for each vowel were
smoothed using discrete cosine transforms (DCTs).
Then the vowel duration and formants values were
averaged over the speakers and across the different
positions.
3. RESULTS
3.1. VOWEL PLOTS

Our approach to measuring vowel formants in both
ADS and CDS was two-fold: we established the
means across speakers of formant values to be able to
compare vowel triangles between ADS and CDS, and
we also calculated formant trajectories for both
registers. Figure 1 shows the results of these
measurements.
First, comparison of the vowel triangles for ADS
and CDS in Figure 1a reveals a difference in size:
while the ADS vowel triangle size is 38039 Hz2, the
CDS vowel size is only 14196 Hz2. As in Dutch IDS
[1], the Nungon vowel space in CDS is reduced
through a decreased contrast in F1 between high and
low vowels (increased F1 value for /i/, decreased F1
value for /a/), and increased F2 for the back vowels.
[1] showed that the primary factor in Dutch IDS
vowel triangle reduction was affect by investigating
fricative consonants in IDS and ADS. As we currently
lack this data for Nungon, we cannot make this claim
definitively.
A full description of the formant trajectories for
ADS can be found in [16]. Visual comparison of the

trajectories of the two registers in Figure 1b suggests
an overall greater degree of formant movement in the
ADS corpus than in the CDS corpus for the cardinal
vowels /i/, /a/ and /u/. On the other hand, it seems that
/ɔ/ and /o/ are more dynamic in CDS than in ADS,
with an increase in F2 in each. Interestingly, while /i/
in ADS is primarily characterized by initial fronting
and then backing (in F2), the production of /i/ in CDS
is characterized by an increase in F1.
Figure 1: formants of the six vowels in ADS (black)
and CDS (grey): (a) average formant values and
vowel triangles; (b) formant trajectories.

Table 1: F0 mean, max and min of the six vowels
in ADS and CDS.
vowel
/i/
/e/
/a/
/o/
/ɔ/
/u/

register
CDS
ADS
CDS
ADS
CDS
ADS
CDS
ADS
CDS
ADS
CDS
ADS

F0 mean
(Hz)
200
200
260
227
214
208
226
215
209
210
219
233

F0 min
(Hz)
188
195
243
218
203
203
221
207
203
204
212
228

F0 max
(Hz)
211
205
271
233
224
214
231
222
216
214
229
238

3.3. VOWEL DURATION

3.2. FUNDAMENTAL FREQUENCY VARIATION

Following studies like [20], we evaluate F0 range
within individual vowel tokens. Table 1 shows the
average, mean maximum and mean minimum F0
values for the six Nungon vowels in both ADS and
CDS. The vowels in CDS exhibit greater F0 ranges
than those in ADS.
We performed a two-sample t-test to evaluate the
degree of difference between the F0 ranges
(max−min) of all the vowels for ADS (M = 11.54 Hz,
SD = 0.85 Hz) and CDS (M = 19.80 Hz, SD = 1.22
Hz). The results were: t(614) = −4.71, p < 0.001, d =
0.40. This shows that F0 ranges differ significantly
between the two registers.
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We then investigated vowel duration, to see whether
vowel duration contrasts established for Nungon
ADS in [16] patterned similarly in Nungon CDS.
We performed a two-sample t-test for each
phonologically short and long vowel pair in each
corpus, comparing, for instance, /a:/ and /a/. In ADS,
the two-sample t-test on the duration of long vowels
(M = 166 ms, SD = 30 ms) versus short vowels (M =
92 ms, SD = 46 ms) yielded the results: t(221) = 7.40,
p < 0.001, d = 1.67. This shows a significant
difference in duration between long and short vowels,
consistent with [16]. But in CDS, a two-sample t-test
on the duration of long vowels (M = 118 ms, SD = 49
ms) and short vowels (M = 105 ms, SD = 82 ms) does
not show such a distinction: t(221) = 1.17, p = 0.244,
d = 0.16.
The present study points to a reduction in duration
distinctions between phonologically long and short
vowels in Nungon CDS, compared with Nungon
ADS.
4. DISCUSSION
While the current study uses two separate speaker
sets, with CDS and ADS produced by different
speakers, the results here point to intriguing
possibilities to be explored in the future with more
complete, intra-speaker analyses.
First, the vowel triangle formed by the three
cardinal vowels is significantly smaller in Nungon
CDS than in Nungon ADS (Figure 1a). This echoes
results for Dutch in [1], among others. It is as yet
unclear whether affect (more smiling in CDS than in
ADS) is the major factor in this reduction in vowel
triangle area for Nungon, as in Dutch. It is possible,
however, that a factor in the recording setup for
Nungon ADS here made for hyper-articulated vowels

in that corpus, instead. In the ADS recordings, the
primary interlocutor was a non-native Nungon
speaker (Sarvasy), and such situations are known to
produce hyper-articulation of vowels [21].
For vowel trajectories, Figure 1b shows no clear
distinction between the shapes of vowel trajectories
in Nungon CDS and ADS.
All vowels in CDS exhibit greater pitch ranges
than those of ADS. Not only is there on average a
greater F0 range within each CDS vowel token than
within those of ADS, CDS mean pitch values also
have greater standard deviation than those in ADS,
indicating more variation. A two-sample t-test shows
there is no significant difference in F0 between CDS
and ADS, but a Levene’s test shows that ADS and
CDS have different variance levels in F0 (F[1, 614] =
68.5, p < .001).
For duration, two-sample t-test results indicate
that the vowel duration contrasts of ADS are
neutralized in CDS. However, duration results are
limited by the fact that some of the data for long
vowels in CDS (/i/, /ɔ/ and /u/) are missing from the
current dataset.
5. CONCLUSION
This study represents a first foray into comparison of
CDS and ADS for Nungon, an under-described
language of PNG. Results point to a reduced vowel
triangle in CDS compared with ADS, greater pitch
range within individual vowels in CDS than in ADS,
and less duration contrast between phonologically
long and short vowels in CDS than in ADS. We did
not find, however, a clear pattern of differentiation
between vowel trajectories in Nungon CDS and ADS.
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ABSTRACT
Prosodic boundaries play a crucial role in
signaling speech chunking, and may thus facilitate
language learning. Previous studies have shown that
infants are sensitive to prosodic boundaries and use
them to segment speech. As prosodic boundary cues
vary across languages, infants’ sensitivity to
prosodic boundaries may also vary. The present
study explores the perception of prosodic boundaries
without the pause cue in European Portuguese 9month-old infants. Using a familiarization procedure
with visual fixation implemented with eye-tracking,
infants were presented with sequences of
delexicalized utterances with and without a prosodic
boundary while watching a video with a randomly
moving pattern. Successful discrimination was
found, demonstrating that the pause is not a
necessary cue by 9 months in line with the languagespecific adult pattern. Potential relations of
discrimination abilities with later language outcomes
are examined, and implications of our findings for
crosslinguistic variation in the development of
prosodic boundary perception are discussed.
Keywords: infant perception, intonational phrase
boundary, language development, eye-tracking
1. INTRODUCTION
Prosody plays a crucial role in the organization of
speech. An utterance consists of prosodic groupings
which chunk the speech continuum and are
organized into higher level phrases, such as the
intonational phrase, and lower level ones, such as
the phonological phrase ([7], [20], [26]). Prosodic
phrases, in particular the higher level ones, tend to
be signalled by acoustic cues like major pitch
changes (i.e., pitch lowering or pitch rising),
lengthening, or the presence of a pause ([7], [15],
[30]).
The prosodic organization of language interfaces
with other linguistic domains. For example, the
intonational phrase (IP) bears a relation to a clause-
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like syntactic unit ([10], for a review), and thus
sentence or clause boundaries are usually aligned
with IP boundaries. Consequently, prosodic
boundary cues can be used in language processing to
discover aspects of syntactic structure ([5]).
Moreover, prosodic boundary cues can be perceived
in the absence of identifiable meaning based on
words and segmental cues, as in delexicalized
sentences or artificial grammar learning ([16], [21]).
Previous studies have shown that infants, during
the first year of life, are sensitive to prosodic
boundaries. Infants prefer listening to speech with a
pause at a natural prosodic boundary (e.g., a clausal
boundary), than with a pause that disrupts the
prosodic organization of utterances ([12]). Prosodic
boundaries have been shown to facilitate infants’
initial word segmentation attempts and word
learning. Successful segmentation is obtained at
utterance edges, which are typically marked by a
pause as well as duration and pitch cues, earlier than
in utterance-medial positions ([3], [14]). Sound
sequences aligned with utterance internal major
boundaries are more easily recognized and mapped
onto visual referents than when straddling a prosodic
boundary ([11], [27]).
Prosodic boundary cues, however, may vary
across languages ([7]). For example, in American
English a pitch change seems to be a necessary
boundary cue, whereas in German both a pitch
change and lengthening are necessary, and in Dutch
it is the pause cue that is weighed higher ([13],
[31]). Infants’ sensitivity to prosodic boundary cues
seems to attune to the language-particular pattern by
6-8 months ([13], [23], [24], [31]).
The present study investigates the perception of
prosodic boundaries in European Portugueselearning infants. This is the first attempt to examine
infants’ perception of prosodic boundaries without
the pause cue in European Portuguese (EP). The
only previous study looking at prosodic boundaries
tested word segmentation abilities ([3]), like most
studies for other languages ([13], [14], [23], [24]),
and focused on utterance boundaries cued by a
combination of pitch lowering, final lengthening and
pause. Segmentation was found as early as by 4

months at the utterance edge, but was not yet fully
developed in utterance-medial position by 10
months. In the current study we tested 9 month-olds’
discrimination of utterances with and without an
internal IP boundary, which is cued by pitch rising
and final lengthening. EP displays an unusual
combination of prosodic properties, described as a
Romance and Germanic mix, with strong cues to
higher level boundaries, namely the utterance and
intonational phrase, as well as to word boundaries,
but not to lower phrase boundaries ([8], [29]). Adult
studies have shown that both pitch change and
preboundary lengthening are robust cues to signal
higher level boundaries in EP, with the pause not
being a necessary cue ([6], [25]). If EP-learning
infants are sensitive to higher level boundaries, and
attunement to the language-specific pattern of
boundary cues is manifested by 6-8 months of age,
we expect that 9 month-olds will display
discrimination of the contrasting prosodic
groupings.
Unlike in previous studies, we did not present
infants with speech materials with words or wordlike sequences. Delexicalized utterances were used,
so that only prosodic information was preserved.
Some studies on infant and child processing of IP
boundaries using ERPs have claimed that some
processing of syntactic information is required
together with prosody ([17], [18]). A similar
argument could be built around the presence of
lexical or word-like information for the processing
of IP boundaries. Using delexicalized materials
allowed us to discard any possible influence of word
combination patterns on our results, or even of the
presence of word-like and clause-like structures,
along the lines of adult studies ([21]). If evidence for
discrimination is found in our study, this can only be
due to the processing of prosodic structure.
Another novel feature of the current study is the
use of eye-tracking to implement a modified version
of the familiarization-preference procedure, which
has been successfully applied to the study of
language discrimination ([1], [2], [28]). Besides
providing looking measures independent of
experimenter coding, eye-tracking might be useful
to establish more sensitive measures by exploring
selective looking to colorful images/patterns while
listening to auditory stimuli.
The present study is also the first attempt to
explore relations between infants’ prosodic
boundary discrimination abilities and later language
outcomes. Given that higher level prosodic
boundaries facilitate word segmentation, and tend to
be aligned with major syntactic boundaries, infants
may exploit prosodic boundary cues to learn about
the lexicon and syntax ([4], [19]). It might thus be
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expected that infants’ discrimination abilities are
positively
correlated
with
later
language
development.
2. METHOD
2.1. Participants

Fifteen typically developing infants from
monolingual EP homes participated in this study (7
females, mean age 9 months 10 days, range 8
months 6 days – 10 months 27 days). Five additional
infants were rejected (2 for failing to complete the
experiment, 1 for living in a bilingual household, 1
for having an older, autistic sibling, and 1 for low
looking time, i.e. less than 200 ms, at any of the
conditions).
2.2. Stimuli

The stimuli consisted of two pairs of short sentences
as in (1), that naturally have two distinct prosodic
groupings: the (a) sentences are SVO utterances
phrased into one IP; the (b) sentences start with a
topic phrase that constitutes an IP on its own, and
thus include two IPs.
(1) a. (As meninas deram bonecas) IP
‘The girls gave dolls’
b. (Às meninas) IP (deram bonecas) IP
‘To the girls, (they) gave dolls’
The sentences were recorded by a female, native EP
speaker. Two productions of each sentence were
selected. The eight items were then delexicalized
using Mbrola, according to [22]. Delexicalization
was obtained by converting all vowels into the [ɐ]
vowel and all consonants into [n], except for coda
consonants that were converted into [ʃ]. All the
original prosodic information was preserved.
Manipulated versions of the sentences in (1) are
illustrated in Fig. 1 (with respective sound files).
The mean length of the sentences with and
without the internal IP was 1817ms and 1709ms for
sentence 1, and 1570ms and 1531ms for sentence 2.
Acoustic analysis of pitch and duration on the
syllable before and after the boundary, and on their
counterparts in the sentences without boundary,
revealed that the two prosodic groupings were
indeed distinguished by the presence vs. absence of
IP boundary cues. The with-boundary sentences
showed preboundary pitch rise (mean 75Hz),
preboundary lengthening (mean 283ms), and pitch
reset after the boundary (mean 171Hz), unlike the
without-boundary ones (mean 14Hz, 190ms, 217Hz,
respectively).

The two tokens from each sentence were used to
create sound files for presentation as familiarization
trials and test trials. Tokens were randomly
concatenated with a silent interval of 1500ms
between them to produce familiarization files of
similar length (~120 s). Test trials consisted of four
tokens of the same sentence with a 1500ms silence
in between. The length of a test trial was 14000ms.
Figure 1: Examples of delexicalized utterances
without (top) and with (bottom) the internal IP.

next trial. A video with a congratulatory message
ends each of the two blocks.
2.4. Measures of language outcomes

The infants were part of a longitudinal study relating
infant perceptual skills to later language outcomes.
Infants’ caregivers completed the EP version of the
CDI short forms ([9]) at 12, 18 and 24 months. The
EP-CDI short forms (SF) are a parental checklist
measure of the child’s vocabulary, and of the ability
to combine words generally noted as a significant
milestone of syntactic development.
3. RESULTS
3.1. Prosodic boundary discrimination

2.3. Procedure

A modified version of the familiarization-preference
procedure was used ([1], [2], [28]), implemented
with a SMI RED500 eye-tracker. Infants were
seated on a caregiver’s lap in front of the eyetracker’s monitor, with speakers hidden behind the
monitor. The experiment included two blocks (one
for each sentence pair), each consisting of
familiarization and test. In the familiarization phase,
infants were presented with either the with-IP or
without-IP sequences (counterbalanced), while
watching a video with a randomly moving pattern
with varying shape and size. Familiarization
continued until the infant accumulated 60 s of total
looking time to the screen or until the end of the
familiarization string. The test phase had four trials,
two without and two with IP (two familiar, two
novel), presented in randomized order with the
constraint that the first two test trials were different.
Infants listened to the test trials while watching the
same video as in the familiarization. At the end of
the familiarization phrase and in between test trials,
a colorful image was displayed. After a fixation of
400ms to the image, the experiment moves on to the
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Two areas of interest were defined – AOI1, the
whole screen, and AOI2, a dynamic AOI
corresponding to the visual moving pattern – and
total looking time to each AOI was extracted along
the test trial. An inspection of the proportion of
looks to the familiar and novel sequences during the
time course of test trials allowed us to find a time
window of interest for the effect of familiarity,
which corresponded to the second half of the test
trial (8000ms-14000ms). Any consistent difference
in looking time between familiar and novel is taken
as an indication of discrimination abilities (e.g., [2]).
No difference was found in the familiarization
looking time between infants familiarized with
sequences without-IP and with-IP (t(13)=.333,
p=.745). Looking times to familiar and novel in the
time window of interest for the two AOIs are
presented in Fig. 2.
Figure 2: Mean looking times (ms) to familiar and
novel across the two AOIs. Error bars indicate the
standard error of the mean.

A repeated measures ANOVA with the withinsubject factor of familiarity (familiar, novel) and the
between subject factor of familiarization condition
(without-IP, with-IP) was carried out for each of the

two AOIs. For AOI1, a main effect of familiarity
was found (F(1,13)=5.536, p=.035, η2=.299), but no
effect of condition (F(1,13)=.236, p=.635, η2=.018),
and no interaction (F(1,13)=.246, p=.628, η2=.019).
Similarly, for AOI2 the analysis revealed a
significant effect of familiarity (F(1,13)=5.785,
p=.032, η2=.308), no effect of condition
(F(1,13)=.024, p=.879, η2=.002), and no interaction
(F(1,13)=.010, p=.923, η2=.001). However, effects
were slightly stronger in AOI2 (with a medium
effect size compared to a small effect size in AOI1).
Independent of the familiarization string
condition, EP-learning infants listened longer to
familiar test trials than to novel ones. This
demonstrates evidence for discrimination of the
contrasting prosodic groupings.
3.2. Later language outcomes

The potential link between discrimination abilities
for prosodic boundaries and later language outcomes
was examined by assessing the correlation between
looks to familiar minus novel and EP-CDI scores for
vocabulary and word combinations. A nearsignificant correlation was found between
discrimination performance at 9 months and the
ability to combine words at 24 months (r=.871,
p=.055), suggesting that perception of prosodic
boundaries may be related to early development of
syntax in production.
We also compared the EP-CDI scores of the
infants included in the discrimination experiment
with those of the infants excluded. The infants
excluded showed lower expressive vocabulary
scores at 18 months (mean excluded 3.3, mean
included 35.8) and 24 months (mean excluded 36.4,
mean included 52.3), suggesting that perception of
prosodic boundaries may be related to faster
development of the lexicon.
4. DISCUSSION
In this study, we investigated the perception of
prosodic boundaries in European Portugueselearning infants. Using a modified version of the
familiarization-preference procedure implemented
with eye-tracking, we have shown that 9 month-olds
successfully discriminate between utterances with
and without an internal IP boundary. Given that no
pause cue was present in the sound materials, and
the IP boundary was thus only signaled by the most
common cues used in EP, namely pitch changes and
lengthening, this result is in line with the adult
language-specific pattern. It thus provides further
support for infants’ attunement to the languageparticular pattern of boundary cues during the first
year of life. EP-learning infants were found to
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behave similarly to English and German infants
([23], [31]), and differently from Dutch infants, who
require the presence of the pause cue ([13]).
However, unlike German 8-month-olds that only
showed discrimination when familiarized with
sequences without an internal IP boundary ([31]),
EP infants’ discrimination was not affected by the
type of prosodic grouping heard during
familiarization. Interestingly, the properties of the
EP prosodic system are different from those of
English, Dutch and German, that are arguably more
prosodically similar ([8], [15], [29]). The reasons
behind cross-linguistic differences in infants’
perception of prosodic boundaries require further
research.
Unlike previous studies, this study used
delexicalized utterances, thus eliminating any
possible effects of the presence of word-like and
clause-like structures in the perception of IP
boundaries (as suggested by [18] and [19]).
Consequently, infants’ successful discrimination
could only be due to the processing of prosodic
structure. This is relevant to prosodic bootstrapping
theory, that holds infants can exploit prosodic
boundary cues to learn about the lexicon and syntax
([4], [19]).
Having demonstrated infants’ ability to perceive
prosodic boundaries in the absence of other
(nonprosodic) cues to word-like and clause-like
structures, the question arises whether this ability
relates to later language outcomes. We started to
address this question by examining how
discrimination performance correlated with CDI
scores later in development. The tendency shown in
the results suggests that perception of IP boundaries
at 9 months may be related to early development
syntax and the lexicon. If a similar pattern is found
in future studies with larger samples, prosodic
boundary perception will offer a potential measure
to predict aspects of language development, and to
detect language impairment at an early age.
On the methodological side, the use of eyetracking in the present study was shown to provide
not only experimenter independent, but also more
accurate (time window) and sensitive (AOIs)
measures of discrimination abilities.
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ABSTRACT

ability in production studies from a cross-language
perspective, including six languages (American English, German, French, Finnish, Czech, and Polish).
In these studies, as in the present one, ID is defined
as contextual predictability, or surprisal (Equation 1)

We investigated the influence of information density
(ID) on vowel space size in L2. Vowel dispersion
was measured for the stressed tense vowels /i:, o:,
a:/ and their lax counterpart /I, O, a/ in read speech
from six German speakers, six advanced and six intermediate Bulgarian speakers of German. The Euclidean distance between center of the vowel space
and formant values for each speaker was used as a
measure for vowel dispersion. ID was calculated as
the surprisal of the triphone of the preceding context. We found a significant positive correlation between surprisal and vowel dispersion in German native speakers. The advanced L2 speakers showed a
significant positive relationship between these two
measures, while this was not observed in intermediate L2 vowel productions. The intermediate speakers raised their vowel space, reflecting native Bulgarian vowel raising in unstressed positions.

(1) Surprisal(uniti ) = −log2 P(uniti |Context),
and estimated from language models (LMs) based
on large text corpora. They found that vowels in
high surprisal contexts were more dispersed than in
low surprisal contexts.
In the present study, we widen the scope of previous analyses by investigating vowel dispersion of
Bulgarian L2 speakers of German. We assume that
native speakers of a language share the same LM,
with some degree of individual variability due to idiolectal, sociolinguistic or regional factors. Due to
their exposure to the L2, language learners presumably build mental models of the predictability of linguistic events in their target language. These models
will vary as a function of the speaker’s proficiency
level and amount of exposure. We investigate if ID
factors of the target language (German) can explain
phonetic variability, and here specifically vowel dispersion, of Bulgarian L2 speakers at different proficiency levels. Our analysis thus introduces a new
approach to investigating language learning from an
information-theoretic perspective.
We predict that the relation between ID and patterns of vowel dispersion observed in L1 speakers is also apparent in advanced proficiency level
(C2) language learners, but less pronounced, or even
non-existent, in intermediate proficiency level (B2)
learners.

Keywords: information density, vowel dispersion,
L2, Bulgarian, German.
1. INTRODUCTION
Vowel dispersion is measured as the distance between vowel tokens and the center of a talker’s
vowel space as defined by the first two formants [7]
and is widely used in sociophonetic studies [13, 23]:
vowels in a space with a large dispersion are more
distinct from each other than vowels produced with
more central tongue height and frontness. Vowel
space size is influenced by speech rate, phonological
context, average vowel duration, sex of the speaker,
and vowel identity [21, 19, 24, 23, 11, 22]. There are
only few studies with a focus on information density
(ID) factors and their impact on vowel dispersion.
Word frequency [16, 14, 25, 13, 17] and language redundancy or predictability [10, 4, 9] have been identified as significant factors impacting on vowel dispersion in American English. Vowels are more dispersed in high information content. [18, 11] broadened this field by analyzing the effect and interaction of ID and prosodic structure on segmental vari-

2. MATERIAL
Six Bulgarian L2 speakers at an intermediate proficiency level (B2), age range 19–24 (M = 20), and six
Bulgarian L2 speakers at an advanced proficiency
level (C2), age range 36–54 (M = 43), were recorded
in addition to six German native speakers (L1), age
range 28–52 (M = 37). All subjects in this study
were females.
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The speakers were asked to read aloud German
text passages from the EUROM-1 corpus [8] in a
quiet environment with a head mounted microphone
(AKG C520), digitized with an Audiobox (M-Audio
Fast Track) using Praat [6] and its default settings for
audio recordings (41 kHz, 16 Bit). Speakers were
asked to read fluently and as if they were engaged
in telephone conversations in a professional setting.
Only vowels in accented position were analyzed in
order to control for prosodic effects. Tense and lax
vowels in the corner positions of the German vowel
space were chosen for analysis: /a:, a, i:, I, o:, O/. In
total, we analyzed 2,393 vowel tokens (L1 = 796, C2
= 797, B2 = 798).
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Figure 1: Vowel dispersion of German (L1) and
Bulgarian speakers of German at intermediate
(B2) and advanced (C2) proficiency levels per
vowel phoneme.

3. METHOD
The German LM was based on the SDeWaC corpus, which was derived from the DeWaC corpus [5].
The web-crawled corpus contains 846,159,403 running words and 1,094,902 lexical types in a diverse
range of genres. The corpus was transcribed using
the g2p tool in German Festival [12]. The transcriptions of the 1,000 most frequent words in the corpus were manually verified by the first author. Systematic errors were identified and corrected for all
lexical items in the corpus. The LM was calculated
based on phonemes using the SRILM toolkit [20].
F1 and F2 were measured at the temporal midpoint in vocalic nuclei. Formant analysis was
conducted with the Burg algorithm in Praat [6]
with a maximum of five formants, window size of
0.025 sec, pre-emphasis from 50 Hz, and a maximum formant threshold of 5,500 Hz. Formant values
were cleaned and manually checked before speakerdependent normalization was applied to control for
differences due to speaker identity [1]. Vowel dispersion was calculated as the Euclidean distance between the center of the vowel space and formant values for every vowel per speaker [7].

Figure 2: Vowel space of German L1 speakers in
high and low surprisal contexts. Binning of surprisal was based on 10 % of the highest and lowest
values in the data set.

whereas B2 speakers showed less dispersion for /o:/,
and more for /O/, compared to the other two speaker
groups. With regard to the closed front vowels /i:,
I/ we found that neither the C2 nor the B2 learners
reached the same level of dispersion as the German
natives. While the target /i:/ was approached with a
little less vowel dispersion than in the native speech,
the L2 speakers showed much higher dispersion values for the lax vowel /I/ .
Advanced Bulgarian speakers of German produced a pattern for vowel space expansion in different ID contexts similar to that observed for German
L1 speakers (Figure 2).
For advanced Bulgarian L2 speakers, German
back and mid vowels were less dispersed in low
than in high surprisal contexts. The front vowels /i:/
and /I/ approached a similar position in the vowel
space under low surprisal, while they were clearly
separated under high surprisal (Figure 3, left). In
contrast, intermediate speakers did not show the expected pattern of vowel space reduction under low

4. RESULTS
4.1. Descriptive statistics

On average, Bulgarian L2 speakers showed a larger
vowel dispersion calculated for all vowels pooled
than German natives (M = 1.32; SD = 0.50). B2
Bulgarian speakers (M = 1.36; SD = 0.37) were
slightly more dispersed in their German vowel production than C2 speakers (M = 1.34; SD = 0.43). As
can be seen in Figure 1, L2 speakers at both proficiency levels had similar vowel dispersion values for
/a:, a/ as the native speakers. The back vowels /o:,
O/ were similarly dispersed in C2 and L1 speakers,
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were longer than lax vowels.
As a result of the collinearity analysis surprisal,
word class, average vowel duration, and vowel
tenseness were included as fixed factors. Word frequency was excluded as a predictor in this model because it showed strong correlations with word class
and a moderate correlation with surprisal. The random structure of the model consisted of random intercepts for speaker and word. LMMs with a larger
random structure did not converge because of the
small amount of data points per model. Vowel
tenseness was sum-coded, word class was treatmentcoded, and both continuous predictors were logtransformed. The model structure is given in Equation 2.

Figure 3: Vowel space of Bulgarian L2 speakers
under high and low surprisal at advanced (left) and
intermediate (right) proficiency level. Binning of
surprisal was based on 10 % of the highest and
lowest values in the data set.

compared to high surprisal. Instead, we found that
low surprisal vowels were raised relative to high surprisal vowels (Figure 3, right). This pattern reflects
the native Bulgarian pattern of vowel reduction [2].

(2)

4.2. Linear mixed-effects models

We calculated Pearson’s r correlations between
vowel dispersion and surprisal per speaker group.
Vowel dispersion and triphone of the preceding context were significantly correlated for the L1 speakers (r = 0.23;t(794) = 6.58; p < 0.001) and the L2
speakers at C2 level (r = 0.14;t(795) = 3.86; p <
0.001). There was no significant correlation for the
B2 speakers (r = −0.02;t(796) = −0.69; p < 0.49).
Following the results of the correlation analysis we calculated three different LMMs for each
speaker group using triphone surprisal of the preceding context as an ID measure. We decided to
control for vowel tenseness (tense vs. lax) in the statistical model. We also included average vowel duration based on the production data as a control variable. Because of the small number of data points per
group we included both content and function words
in the statistical analysis, while adding the factor
word class to the model (Table 1).
A collinearity analysis was performed to identify
potential dependencies between the factors. Word
frequency and surprisal were moderately negatively
correlated (r = −0.62). Word frequency and word
class were strongly positively correlated (r = 0.80),
with function words showing higher frequency values than content words. Word class and surprisal, on
the other hand, showed a weaker negative correlation (r = −0.50) than word frequency and surprisal.
Average vowel duration and surprisal were only
weakly correlated (r = 0.26). Higher surprisal values were correlated with longer vowel duration. A
similar relationship was observed for vowel dispersion and average vowel duration (r = 0.23). Vowel
tenseness was correlated with average vowel duration as well (r = 0.50), indicating that tense vowels

VowelDispersion ∼ TriSur +WordClass+
Tenseness + DurAv
(1|Speaker) + (1|Word)

In the LMM for German L1 speakers (Table 1),
we found the expected significant effects for the control factors. Long, tense vowels were more dispersed
than short, lax vowels. Vowels in function words
were less dispersed than vowels in content words.
However, we only found a tendency for a positive
effect of surprisal on vowel dispersion. In the model
for the C2 speakers, there were significant effects
of tenseness and duration in the expected directions,
and a tendency for a negative effect of word class.
Since we did not find a significant effect for surprisal on vowel dispersion in the model for German
natives, we did not expect to observe a significant
effect in the models for L2 speakers, because correlation values between surprisal and vowel dispersion
were lower or non-significant for these two groups.
In the LMM for Bulgarian B2 speakers of German,
there were no significant effects of any of the fixed
effects to explain vowel dispersion.
We calculated effect sizes for the three LMMs and
their significant effects separately. The largest overall effect size of the entire model was found for the
German natives (Var = 63.39%). The same model
structure explained only 37.71% of the variance in
the data of L2 advanced speakers, and even less
variance in the vowel dispersion of L2 intermediate speakers (Var = 24.11%). For both L1 (Var =
18.72%) and L2 advanced speakers (Var = 10.17%)
average vowel duration was the strongest predictor
of vowel dispersion. Vowel tenseness added 6.42%
explained variance for the German L1 data, and
1.48% in the model for C2 vowel dispersion. While
word class was not significant in the L2 models,
it explained 2.03% of data variance in German L1
vowel dispersion.
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words. These effects were not found in B2 speakers. We can therefore clearly separate the two proficiency levels using vowel dispersion as an acoustic measure. Interestingly, the amount of German
competence of the three groups was also mirrored
in the effect sizes of the corresponding LMMs. The
effect size of the model decreased with decreasing
proficiency level of German. Average vowel duration was the strongest predictor for vowel dispersion for both German L1 and advanced L2 speakers.
However, this effect size should be interpreted with
caution because vowel duration and tenseness were
positively correlated (r = 0.50).

Table 1: Vowel dispersion of L1 and L2 speakers: regression coefficients, standard error (SE),
and statistical output of LMM analyses including triphone surprisal of the preceding context
(TriSur), tenseness (lax–tense), average vowel duration (DurAv), and word class (function–content
words). *** p < 0.001, ** p < 0.01, * p < 0.05

Group
L1

C2

B2

Terms
TriSur
Tenseness
Word class
DurAv
TriSur
Tenseness
Word class
DurAv
TriSur
Tenseness
Word class
DurAv

Coeff.
0.02
-0.21
-0.19
0.42
-0.03
-0.13
-0.11
0.31
-0.05
-0.04
-0.001
0.11

SE
0.08
0.04
0.07
0.11
0.07
0.03
0.06
0.12
0.06
0.03
0.05
0.11

t-value
0.25
-5.27***
-2.53*
3.81***
-0.50
-4.13***
-1.98
2.58*
-0.79
-1.36
-0.03
0.99

L2 competence varied between vowel phonemes
(Figure 1). Bulgarian natives do not mark stress
differences for /i/ in vowel height [2]. We speculate, they therefore show difficulties to differentiate
German /i:/ and /I/, irrespective of proficiency level.
The main difference between German /o:/ and /O/ is
vowel height. Bulgarian natives also differentiate
vowel height for unstressed and stressed /O/ in their
native tongue. While Bulgarian C2 speakers are able
to adapt this difference in height to German tense/lax
differences for this vowel pair, B2 speakers fail to
make this difference. For Bulgarian /a/, the F1 and
F2 values are not statistically separable from short
German /a/ [3] and German tense and lax /a/ are not
statistically different [15] which is potentially why
Bulgarian L2 speakers are able to approach German
native productions successfully.

5. DISCUSSION
This study investigated whether Bulgarian L2 speakers of German behave similarly to German native
speakers in their vowel dispersion in different surprisal contexts, and whether their vowel productions
depended on their proficiency level of German.
German vowels were more dispersed when they
were difficult to predict from their preceding context
[18, 11]. Advanced L2 speakers showed a tendency
to modulate their vowel productions in the same
way as German natives with regard to ID factors,
whereas intermediate L2 speakers were not able to
make these distinctions. This finding indicates that
the proficiency level of L2 speakers can be expressed
as the degree of familiarity with the target (German)
language structures and their predictabilities on a
sub-word level.
Although we found significant positive correlations between surprisal and vowel dispersion for L1
and C2 speakers, this effect was not significant in a
more complex LMM analysis including other control factors. This may be due to the small amount of
data points per LMM, the restricted number of surprisal contexts because of the short length of the text
passage, and the specific nature of vowel phonemes
and their behavior under high and low surprisal.
The advanced L2 speakers were able to differentiate their vowel productions with regard to differences in tenseness and vowel duration. They also
showed a tendency to produce native-like differences between vowel tokens in function or content

We found that Bulgarian L2 speakers, in particular at B2 level, showed more vowel dispersion than
German L1 speakers. This finding is not surprising considering that B2 speakers raised their vowel
space under low surprisal, thus reflecting Bulgarian
L1 vowel raising in unstressed condition [2] (Figure 3, right). Although all analyzed vowels were
stressed we found this characteristic reduction pattern for low surprisal vowels in the B2 speakers.
This can be interpreted as a certain degree of awareness in Bulgarian B2 speakers of the German phonological structures and their predictabilities. But they
were not able to produce the target-language reduction pattern for vowels in low surprisal context and
instead relied on their L1 reduction pattern.
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ABSTRACT

sound in L2 according to his/her L1 phonology categories. There have been intensive research effort
following these two models suggesting that the reason behind L1 influence on L2 is diverse, and can
come from phonology, phonetics and the combination of the two [1,5,9,10].
Researchers in Computer Aided Language Learning (CALL) work from a different angle to incorporate L1 knowledge in machine learning to explain
L2 speaker’s pronunciation,with a goal to improve
error detection and to increase accuracy of pronunciation evaluation. Depending on the way they utilize the L1 knowledge, their approach can be classified as being implicit or explicit. In typical implicit
approaches, researchers usually use L1 acoustic features to do adaptive training of model trained using
native speaker’s data of the target language and later
use this hybrid model to do evaluation or pronunciation error detection. And results have shown that
using L1 dependent models outperform L1 independent models [4, 15]. The explicit approach tend to be
more laborious compared with its implicit counterpart. One way to use this knowledge is to pre-define
error types and then manually annotated data to later
train statistical models and do automatic evaluation
or error detection [8]. A more automatic or semiautomatic approach researchers used is to first annotate
L2 speech and then using the mapping of transcription and the canonical forms to automatically derive
rules of error pattern [13].
One problem which is still seldom studied is automatic prediction of L1-related pronunciation errors based on L1 and L2 phonological and phonetic information with linguistically explainable results. In this study, we address the following research questions: 1) how to quantify the acoustic
differences of speech sounds between two different
languages, 2) how to capture phonological errors in
a phonetically-based measurements, 3) how to automatically derive L1-dependent errors based on the
quantified differences.
The rest of the paper is organized as follows: Section 2 introduces methodology. Sections 3-4 give the

This paper aims to quantify dissimilarity of sound
pairs between language inventories and to realize automatic prediction of error patterns of L2 production
based on the proposed quantifying measures. Language pairs used are Chinese and English and only
their vowel inventories are considered. To study the
two languages systematically, maximal phone combinations are desired to cover possible variations introduced by different contexts. The stimuli used are:
1) all possible syllables with 4 tonal variations in
Chinese (n=1860 tokens), and 2) real monosyllabic
English words (n=1667 words). Nine native Chinese speakers (F=5, M=4) and two native English
speakers (F=1,M=1) were recorded. Mel-Frequency
Cepstral Coefficients (MFCCs) are used as features,
Principle Component Analysis (PCA) is applied and
Euclidean distance is used to compute the acoustic distances. The results showed that error prediction using our proposed method are consistent
with Perceptual Assimilation Model for L2 Learning (PAM-L2) and Speech Learning Model (SLM).
Results also showed that our proposed quantitative
measures based on phonetic features are able to incorporate certain phonological influence.
1. INTRODUCTION
The possible influence of first language (L1) on second language (L2) learning has long been studied
and a lot of progress has been made regarding this
issue during the last several decades. Among them,
two influential models dealing with L1 influence on
both production and perception of L2 are Speech
Learning Model (SLM) by Flege et al. [6,7] and
Perception Assimilation Model (PAM) by Best et
al. [2,3]. SLM focused more on the production of
speech and tried to account for the variation in the
extent of individuals’ learning phonetic segments in
an L2 whereas PAM, specifically PAM-L2, focused
more on the perception aspect of L2 acquisition and
studies how L2 learners assimilate/dissimilate a new
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based on 100 hours of clean speech from LibriSpeech (Panayotov et al., 2016) and that for
Mandarin is trained based on the recorded speech
(around 15 hours) using Kaldi [14]. The alignment
results are then manually checked and adjusted.
Acoustic features we used in this study are
39 dimensional Mel Frequency Ceptural Coefficients(MFCCs) which are able to capture the spectral information and meanwhile accomodate to
human perception of the frequency components.
MFCCs were extracted at five equally distributed intervals for each vowel segment (10%, 30%, 50%,
70% and 90%), which gives us a feature dimension
of 195.

experiments and results and Sections 5-6 talk about
discussion, conclusion and future work.
2. METHODOLOGY
2.1. Vowel Inventories and Stimuli Design

In this study, we focused on Chinese learners’ acquisition of English vowels. According to Ladefoged and Disner (2012), the American English as
spoken by national newscasters has 15 distinct vowels, which include 10 monophthongs (/A, E, æ, 2,
i, I, Ä, O, u, U/) and 5 diphthongs (/eI, oU, aI, aU,
OI/). Mandarin, according to Lee and Zee (2003),
has six monophthongs (/A, o, È, i, u, y/) and four
diphthongs (/ai, ao, ei, ou/). Burnham et al. (2002)
found that orthographic-mapping could contribute
to greater phonological awareness. To address possible influence of the official romanization system,
Pinyin, on the pronunciation of speakers, we also
include rhotic /a~/ (as er in Pinyin) and /ie, uo/ (as ie
and uo in Pinyin). .
To maximize coverage of phone combination in
monosyllabic words in both languages, the stimuli
we use are:1) all possible syllables with 4 tonal variations in Chinese with necessary repetitions (1860
words), and 2) monosyllabic words of English covering as many phone combinations as possible and
of equivalent size with the Chinese counterpart
(1667 words).

2.4. Statistical Analysis

The statistical method we need should be able to address the following conditions:
a) whether phonological categories of L1 and L2
exist in a common space. PAM-L2 and SLM
both agreed that L1 and L2 phonological categories share a common space.
b) whether phonological influence can be incorporated into the acoustic-phonetic measures.
PAM-L2 emphasized that the perceived invariants for learners were at higher phonological
and phonetic levels rather than phonetic detail. SLM emphasized more on acoustic cues
of phonetic contrasts.
c) being able to derive weighted features. SLM
hypothesized that the phonetic category learners established for L2 sounds might differ from
L1 speakers’ and learners’ representations of
the sounds might be based on different features
or different weights of the same features from
L1 speakers.
With all those conditions considered, the quantifying method chosen in this study is Principle Component Analysis (PCA). PCA is a statistical procedure to convert observations of variables into a set
of vectors, named principle components, where each
component is the linear combination of the variables
and any two of them are uncorrelated orthogonal. In
a traditional PCA approach, principal components
are calculated by first getting the eigenvectors, i.e.,
principal component directions, of the covariance
matrix of the observation data and then projecting
each training example onto the principle component
directions (as the procedure above). In this study
we proposed to use PCA in three slightly different
ways regarding how we get the principal components (hereafter refereed to as PCA1, PCA2, and
PCA3, respectively):
• PCA1: computing principal directions based

2.2. Participants and Recording Procedure

Nine standard Chinese (Mandarin) speakers (5F,
4M) and two English speakers (1F, 1M) and each
participant was paid 15 US dollars per hour. All of
the Chinese participants were born and grew up in
Beijing, speaking the Beijing dialect, ages between
19-34 (mean: 27; std.: 4.2) and they started learning English at ages 6-7. The English participants
are from the suburbs of the Chicago area.The female
participant is 22 years old and the the male participant is 21.
The recording took place in a soundproof booth.
The stimuli were presented to the participants one
by one using a program written in Matlab and the
participants were free to have a break after each 100
words. The recording of the English and Mandarin
stimuli for each speaker is around 1.5 hours and 2
hours respectively.
2.3. Force Alignment and Acoustic Features

Forced alignment is then applied to the recorded
data. Acoustic model used for English is trained
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only on native Chinese (NC) data.
• PCA2: computing principal directions based
only on native English (NE) data.
• PCA3: computing principal directions based
on both NC and NE data.
The PCA1 approach assumes that learners would
apply the same features as well as feature weights
they used in their L1. The PCA2 approach, on the
other hand, assumes that learners would use the
same features as well as feature weights as native
speakers of the target language. The PCA3 approach
assumes that learners would use a combination of
the features from the two languages and weight the
features accordingly.
Figure 1: F1-F2 plot for NC monophthongs,
where ii represents 1, and points on the upper left
could be outliers resulting from extraction errors.

3. EXPERIMENTS AND RESULTS
In order to examine the acoustic distributions of
vowel inventories in each language, first and second
formants (F1 and F2) of NE, NC and English speech
by Chinese learners (L2E) are extracted using FormantPro [16].
Figures 1-2 showed the F1-F2 plots of monophthongs of native Chinese and native English respectively. As can be seen, the overall tendency of vowel
distributions for both NE and NC is consistent with
previous findings. What are problematic is F2 values gotten for high/mid-high back vowels (such as
/u/, /o/, /U/) are not accurate enough. This is due
to the fact that high back vowels tend to have low
F1s and F2s to the extent that it is difficult to separate them and sometimes the algorithm takes F3 as
F2 for these vowels, which happens to be the case
in data presented here. That is also one of the reasons why MFCCs other than formants were used as
features in this study.
As to the predictions SLM/PAM would make
based on the relationship of vowel inventories between NE and NC, some possibilities are given:
a) /i, I/ and /u, U/ would probably fall into either
single-category or category-goodness assimilation with their Chinese counterpart /i/ and /u/
respectively.
b) /Ä/ and /O/ also have Chinese counterparts
rhotic /a~/ and /o/.
c) The situations for /A, E, æ, 2/ might be more
complicated. Each of them could be assimilated to Chinese /A/ or it could also be the
case that the difference between them and
Chinese /A/ is salient enough thus new category/categories would be established for them.
As stated in Section 2, PCA was applied in three
different ways to the data and only the first 30 prin-

Figure 2: F1-F2 plot for NE monophthongs.

ciple components (accounting for over 90% of data
variance for all three subsets of of the corpus) were
kept and were then used to calculate the Euclidean
distance as the acoustic distance between each pair
of sounds.
Table 1 showed if assimilation were ever to happen, the top 2 candidates of Chinese for each English
vowels using three different PCA approaches. The
predicated assimilation candidates are largely consistent with each other except for /i/ and /I/, suggesting strong patterns of error tendency.
Figure 3 showed the confusion matrix between
NE and L2E vowels using PCA3, under which condition it is assumed that NC and NE share the same
feature sets and feature weights in differentiating
vowels. Results showed that vowels within each
cluster /A, E, æ, 2, O, aU, aI/, /i, I, eI/ are likely to
be confused with each other.
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traditions in PAM-L2 where only up to two assimilation candidates is given for each vowel. In the
future we would like to examine possible threshold
values to determine the best number of candidates
for each vowel based on their distribution.

Table 1: The First Two Closest Chinese Candidates for Each English Vowel Calculated Using
Each PCA Approach
@
@
@

/A/
/E/
/æ/
/2/
/i/
/I/
/Ä/
/O/
/u/
/U/
/aI/
/aU/
/eI/
/OI/
/oU/

PCA1
1st
2nd
/A/
/a~/
/ai/ /A/
/ai/ /A/
/A/
/ai/
/i/
/u/
/u/
/ei/
/ai/ /ei/
/A/
/ao/
/1/
/u/
/È/
/A/
/ai/ /A/
/A/
/a~/
/u/
/ei/
/ai/ /È/
/È/
/A/

PCA2
1st
2nd
/A/
/a~/
/ai/ /A/
/ai/ /A/
/A/
/ai/
/i/
/u/
/ei/ /ie/
/ai/ /ei/
/A/
/ao/
/1/
/u/
/È/
/A/
/ai/ /A/
/A/
/a~/
/u/
/ei/
/ai/ /È/
/È/
/A/

PCA3
1st
2nd
/A/
/a~/
/ai/ /A/
/ai/ /A/
/A/
/ai/
/u/
/i/
/ei/ /u/
/ai/ /ei/
/A/
/ao/
/1/
/u/
/È/
/A/
/ai/ /A/
/A/
/a~/
/u/
/ei/
/ai/ /È/
/È/
/A/

Figure 4: Accuracy of Hierarchical Clustering

5. CONCLUSIONS
In this study, we explored the possibility of quantifying acoustic difference of sounds between two different languages as well the possibility to automatically derive L1-dependent errors based on the quantified differences. The language pairs we used were
English and Chinese and the error prediction results were tested on L2E speech. PCA was adopted
and slightly adjusted to simulate feature and feature weights speakers and learners use in differentiating vowels within each language inventory and
between language inventories. The results showed
that our predicted results are consistent with predictions by PAM-L2 and SLM and our predicted error
patterns are largely consistent with the actual production results of L2E learners. Results are still
needed to be further examined in more detail and be
tested in counter learning directions. By using PCA
approaches we were able to simulate features and
weights of features used in each vowel inventory,
but the resulted measures were largely productionbased and are acoustic measures. In the future, one
of the research interests would be how to capture
more perceptual effect and phonological influence
in the quantified measures.

Figure 3: Heatmap plot of confusion matrix of
vowels between NE and L2E using PCA3, where
darker colors indicate smaller acoustic difference.

4. DISCUSSION
Due to the limitation of space, a lot more results
might not be able to be explained in more details
but what need to be notified is that in our case, the
language pairs we use have different distribution of
vowel inventories. Figure 4 showed that hierarchical clustering results based on native English and
native Chinese data using raw MFCCs, which suggests that English vowels are less separable even in
native data. In addition, in this study we followed
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monophthongal vowels. We set five tense vowels /i/,
/A/, /Ä/, /O/, /u/, and five lax vowels /I/, /e/, /æ/, /2/,
/U/ in this study.
The accuracy of L2 speech production is thought
to be limited by perceptual factors. Best’s Perceptual Assimilation Model (PAM) explains that the
discrimination of the difference between pairs of
phonemically distinct L2 sounds is influenced by
the perceptual similarity between specific L1 and L2
sounds [4]. Flege’s Speech Learning Model (SLM)
explains that category assimilation occurs when a L2
learner fails to form a new category for an L2 sound
and category dissimilation occurs when the learner
forms a new category for an L2 sound and differentiates the contrast between an existing L1 category
and the new L2 category [6].
L2 English vowel production of Japanese adults
was studied intensively by Tsukada [12]. The thesis reported that Japanese adults have difficulty in
distinguishing neighboring vowels, such as /A/-/2/
and /U/-/u/. Lambecher et al. examined if Japanese
speakers were able to improve in identifying and
producing English low / mid vowels, /æ/, /A/, /2/,
/O/ and /Ä/ [9]. Ingram and Park showed that
Japanese learners of English had difficulty distinguishing spectral quality of some neighboring tense
and lax vowels in production, but were good at distinguishing their duration [7]. Oh et al. showed that
Japanese children learned how to produce English
vowels in a native manner faster than adults through
a one-year longitudinal measurement of the formant
shortly after their arrival in the US and one year after the first recording [11]. However, learning of L2
production of English as a foreign language outside
the Anglosphere in childhood has not been analyzed
or recorded longitudinally.
This paper introduces an overview of our longitudinal L2 English speech collection in an elementary
school and then analyzes the spectral quality of the
learners’ production of English vowels by formant
analysis. We focus on two pairs /i/-/I/ and /u/-/U/,
and low / mid vowels. Finally, we analyze duration
of the vowels in comparison with native American
children and try to understand Japanese children’s
strategies for producing L2 English vowels.

ABSTRACT
Children starting at an early age learn to produce
second language (L2) speech faster than adults, but
their production is nonetheless affected by their native language (L1). We are conducting a longitudinal collection of L2 English speech produced by
native Japanese children in a domestic elementary
school to reveal how children’s L2 speech changes.
This paper focuses on their vowel production, one of
the major differences between Japanese and English,
and reports initial results of analyses on its formant
and duration. As in previous studies, Japanese children had difficulty distinguishing some neighboring
tense and lax vowels by articulation, but differentiated the vowels by controlling the duration. Furthermore, the analysis suggested that many of the children attempted to distinguish /æ/ and /Ä/ from /2/
and /A/ by articulation.
Keywords: L2 English vowel production, native
Japanese children, formant, duration
1. INTRODUCTION
Many studies have shown that learning a second
language earlier is better in learning production of
speech sounds [1, 2, 3]. In Japan, compulsory English education is going to start from the 5th grade
of elementary schools, i.e. 11 years old, two years
earlier than at present to enable the children to learn
communication skills in English more effectively.
However, English speech of native Japanese children who learn English as a foreign language domestically has not been analyzed or recorded longitudinally. Therefore, we started collecting English
speech produced by 89 native Japanese children in
an elementary school two years ago and have been
collecting their speech every six months.
One of the major differences in speech sounds between Japanese and English is the vowel system.
Japanese has two short and long sets of five monophthongal vowels: /i/, /e/, /a/, /o/ and /W/. The short
and long vowels do not differ in quality, but are
mono-moraic and bi-moraic in duration. On the
other hand, American English has more than ten
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3. FORMANT ANALYSIS OF VOWELS

2. COLLECTION OF ENGLISH SPEECH

3.1. Measuring method and data for analysis

2.1. L2 English speech corpus of Japanese elementary
school children

The word utterances were processed phoneme segmentation manually using praat. The canonical
phoneme sequence of a word was given by the CMU
pronunciation dictionary [5]. The frequencies of the
first and second formants (F1 and F2) were measured at the midpoint of every vowel segment.
The speech data of 36 randomly-sampled children, 18 males and 18 females, were processed for
the analysis. Utterances repeated after listening to a
model utterance, utterances with stammers and utterances with ambient noises were excluded, and
only utterances in which the speaker knew the correct pronunciation and produced correctly without
referring a model utterance were analyzed.
For comparison, speech data of 61 age-matched
native American children, (13 female and 15 male
10-year-olds, and 18 female and 15 male 11-yearolds) were randomly sampled and analyzed.

We collected English read-aloud speech of native
Japanese children aged 10 to 11 years old biannually. The first recording was made on 63 children
out of 89 at the age of 10. The second, third and
fourth recordings were made on all 89 children at
six-month intervals. The children were regularly
taking English classes given by Japanese, American
and British teachers of English three hours a week
during the period. The teachers mainly taught oral
communication skills in American English through
conversation, role plays, and presentations. The
children had learned the Latin alphabets at the age
of 7 and basic phonics at the age of 8.
The texts of the recorded speech were 60 basic
English words from GFTA3 (Goldman-Fristoe Test
of Articulation Ver. 3), 10 English short sentences
and 30 basic Japanese words for comparing L1 and
L2 speech sounds. The children read aloud designated texts by viewing a slide on a tablet that showed
pictures with the texts. They participated in the
recordings without any practice in advance. Thus,
they could not read some words or sentences. Every slide had a button to play a model utterance produced by one of the native American teachers. The
children could repeat unreadable words or sentences
after listening to the model utterance if they wished
to. All the utterances including speech errors were
saved in the corpus with a label indicating order of
time and type of the utterance. However, the utterances produced after listening to the model utterance
were excluded from the list for analysis. There were
inevitably various consonantal contexts in the analysis of vowel production due to the children’s limited
vocabulary. Instead, the formant frequencies were
measured at the midpoint of vowel segments and averaged over various consonantal contexts.

3.2. Formant distribution of groups

The F1 and F2 frequency distributions of 10 English
monophthongal vowels produced by the Japanese
female and male children are shown in Figures 1
and 2, respectively. The centroids of each vowel in
three terms are marked in ‘+’, ‘’, and ‘•’ with the
same color, respectively. One standard deviation ellipses are drawn with a dashed line only for the last
term. In the figures, the phonemes are represented in
ARPABET instead of IPA, that is, “iy” for /i/, “ih”
for /I/, “uw” for /u/, “uh” for /U/, “eh” for /e/, “ae” for
/æ/, “aa” for /A/, “ah” for /2/, “ao” for /O/ and “er” for
/Ä/. For comparison, the F1 and F2 frequency distributions of the female and the male native American
children are shown in Figures 3 and 4, respectively.
The centroids of 10- and 11-year-olds are marked in
‘+’ and ‘◦’, respectively, and one standard deviation
ellipses are drawn for the 11-year-olds. Note that
the distributions of the 10- and 11-year-old groups
are derived from different children in the CID corpus, whereas all the distributions are derived from
the same children for the Japanese case.
At first glance, the Japanese children show a narrower range of F1 and F2 frequencies than the native American children. This is not because of L2
speech. The range of their L1 speech, Japanese,
was as narrow as that of their L2 speech. Notably,
substantial overlaps are observed between particular pairs of a tense and a lax vowels such as, /i/(iy)/I/(ih), /u/(uw)-/U/(uh) and /A/(aa)-/2/(ah).
We conducted MANOVA tests on F1 and F2 fre-

2.2. English speech corpus of American children

The CID speech corpus, which contains English
words and short sentences produced by 436 native
American children aged between 5 and 18, was used
for comparison [10]. All the speakers uttered the
same words and sentences. The words are “bead”
(/i/), “bit” (/I/), “bed” (/eh/), “bat” (/æ/), “pot” (/A/),
“ball” (/O/), “but” (/2/), “put” (/U/), “boot” (/u/) and
“bird” (/Ä/) embedded in a carrier sentence “I say uh
... again”. The consonantal contexts of the focused
vowels were the same across the words.
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Figure 1: F1 and F2 frequencies of 10 English
vowels produced by 18 Japanese female 10- and
11-year-olds.

Figure 3: F1 and F2 frequencies of 10 English
vowels produced by 31 American female 10- and
11-year-olds.

Figure 2: F1 and F2 frequencies of 10 English
vowels produced by 18 Japanese male 10- and 11year-olds.

Figure 4: F1 and F2 frequencies of 10 English
vowels produced by 30 American male 10- and
11-year-olds.

quencies with gender being a between-subject factor, and a type of vowel and a term being withinsubject factors. There were no significant differences between /i/ and /I/ (p = 0.3548) or between
/u/ and /U/ (p = 0.3598). There was a significant
difference (p < 0.01) among five low / mid vowels:
/æ/, /A/, /2/, /O/ and /Ä/. Looking at the difference
in detail with separate ANOVA tests on F1 and F2
frequencies, the low / mid vowels showed no significant difference in F1, but in F2 (F1: F(4,132) = 30.3,
F2: F(4,132) = 133.3, p < 0.01). Bonferroni’s post
hoc tests in F1 showed no significant differences at
four pairs: /A/-/2/, /A/-/Ä/, /2/-/Ä/ and /O/-/Ä/ with a
significant level at 0.05. Bonferroni’s post hoc tests
in F2 showed no significant difference only at a pair
/æ/-/2/.
Furthermore, we verified the simple main effect
of a type of the low / mid vowels in each term and in
F1 and F2, respectively to check if the discrimina-

tion of the low / mid vowels improved over time.
The F-value on F1 frequency increased over time
(10-year-olds winter: F(4,132) = 13.4, 11-year-olds
summer: F(4,132) = 13.5 and 11-year-olds winter:
F(4,132) = 28.4). The F-value on F2 frequency also
increased (10-year-olds winter: F(4,132) = 40.4, 11year-olds summer: F(4,132) = 72.7 and 11-year-olds
winter: F(4,132) = 74.3). This result suggested that
many of the Japanese children attempted to differentiate the low / mid vowels. The centroids of /Ä/(er)
and /æ/ are separating from those of /A/ and /2/ in
Figures 1 and 2.
We conducted MANOVA tests on F1 and F2 frequencies of the native American children with gender and an age being between-subject factors and a
type of vowel being a within-subject factor. Both of
the pairs /i/-/I/ and /u/-/U/, and the low / mid vowels
showed significant differences (/i/-/I/: p < 0.01, /u//U/: p < 0.01, and the low / mid vowels: p < 0.01).
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Figure 5: Mean durations of 10 English vowels
produced by 36 Japanese 10- and 11-year-olds.

Figure 6: Mean durations of 10 English vowels
produced by 61 American 10- and 11-year-olds.

Considering the results all together, while it was
difficult for Japanese children to distinguish neighboring vowels, such as /i/-/I/, /u/-/U/, and low / mid
vowels, many of them attempted to differentiate /æ/
and /Ä/ from /2/ and /A/. The ANOVA test showed
that the differentiation of the phonemes in formant
frequencies increased over one year on average.

except for two: /æ/-/A/ and /A/-/O/ at a significant
level at 0.05. Note that F-values over the three terms
did not show a clear tendency for durations between
/i/ and /I/, or between /u/ and /U/, or across the low /
mid vowels.
Considering the results together, the Japanese
children differentiated producing /i/-/I/ and /u/-/U/ by
duration control while they attempted to differentiate
producing the low / mid vowels by articulation.

4. DURATION ANALYSIS OF VOWELS
Duration of the vowel segments was measured on
the basis of the manual segmentation of phonemes.
Figure 5 shows the mean duration of the vowels produced by native Japanese children for three terms.
Figure 6 shows those measured on the CID corpus
for comparison. Figure 5 does not separate gender
because there was no significant difference. Comparing two pairs of a tense and a lax vowels /i/-/I/ and
/u/-/U/, Japanese and American children were similar in that mean durations of the tense vowels /i/ and
/u/ were significantly longer than those of the lax
vowels /I/ and /U/. On the other hand, Japanese children showed mostly the same duration for four low
/ mid vowels /A/, /æ/, /2/, and /O/, whereas American
children differentiated the duration of the vowels.
Lingua franca core postulated that discrimination
of the tense and lax vowels with duration is important for L2 learners who cannot distinguish the
neighboring vowel sounds by articulation [8]. An
ANOVA test was conducted on the duration with
gender being a between-subject factor, and a type
of vowel and a term being within-subject factors.
There were significant differences in duration between /i/ and /I/ (F(1,34) = 488.6, p < 0.01) and /u/
and /U/ (F(1,28) = 51.5, p < 0.01). There was a significant difference among four low / mid vowels /æ/,
/A/, /2/ and /O/ (F(3,99) = 20.4, p < 0.01). This is because the standard deviation of each vowel was as
small as 0.005 second. Bonferroni’s post hoc tests
showed significant differences for all combinations

5. CONCLUSIONS
Production of L2 English vowels by native Japanese
children was analyzed through measurement of F1
and F2 frequencies and duration on English word
utterances biannually collected in an elementary
school in Japan. The analysis showed some of
their strategies for producing English vowels. Although Japanese children generally had difficulty
distinguishing the spectral quality of the neighboring tense and lax vowels /i/-/I/, /u/-/U/ and a group
of low / mid vowels /A/, /æ/, /2/, /O/ and /Ä/, they
differentiated the pairs of /i/-/I/ and /u/-/U/ by controlling the segmental duration. Furthermore, many
of the children attempted to differentiate two vowels
/æ/ and /Ä/, both of which are new to them, from /2/
and /A/ by articulation. The degree of distinguishing
the low / mid vowels was considered to increase over
time due to the fact that the F-value of the ANOVA
test in the low / mid vowel group was increasing.
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learners into the prototypical categories of Brazilian
Portuguese [i E u], respectively [16, 2, 20, 18].

ABSTRACT
This study analyzed the production of English vowels [i I E æ u U] by Brazilian undergraduate students of English Language Teaching throughout the
four first semesters of their studies. These vowels are challenging for Brazilians for they are not
contrasted in Brazilian Portuguese. Ten participants
were recorded reading target words in a carrier sentence every semester from semester 1 through 4.
Euclidean distances between pairs of vowels were
calculated using Lobanov-normalized F1-F2 values,
and such distances were used to fit a mixed-effects
model to the data. The results show that: most learners increased their contrasts of the target vowels;
learners developed their vowels at different paces
and in different moments; not all learners were able
to create new phonetic categories for the target vowels.

Assuming that the process of L2 acquisition is a
complex dynamic system [7, 5, 12, 15], the prototypical categories created for communication in the
L1 act as attractor states for the L2. Attractors are
states of temporary accommodation of a complex dynamic system, where the system finds temporary stability amidst chaos. These states are temporary due
to the dynamic nature of such systems, which may
move, or even keep moving, from one attractor state
to another. That is why Language Acquisition would
be more accurately described as Language Development, due to its dynamic, never-ending change in
time as the system moves through different attractor
states.
Some attractor states require more energy for the
system to move away from, and that is why some
learners need more perturbation to have their systems exit an attractor state, but they can all potentially do so. These perturbations might be language lessons, exposure to the L2, interaction with
L2 speakers, experiences abroad, etc., but since the
relation between perturbation and movement of the
system is non-linear, the effects of language lessons,
for instance, might not be immediately seen.

Keywords: English as a foreign language, vowels,
L2 acquisition, longitudinal
1. INTRODUCTION
The main goal of this study was to analyze the development of English vowels [i I E æ u U] by Brazilian college learners of English Language Teaching
over the four first semesters of their studies. These
six vowels are particularly challenging for Brazilians due to the natural difficulty to perceive and produce sounds of an L2 which are very similar yet not
contrasted in the learner’s L1, as already stated by
Flege’s Speech Learning Model [8, 9, 10].
When acquiring their L1, one needs to learn how
to accommodate the variation inherent to the acoustic signal into prototypical phonological categories
of their L1 so that communication can take place,
and the brain does so by taking statistics of the input
and assigning exemplars to the corresponding categories [3, 4, 11, 14, 19]. Therefore, it is a very challenging task to perceive and produce L2 contrasting
sounds that are very close to a single sound of the L1
[8, 9, 10]. This is the case with English vowels [i I
E æ u U], which tend to be assimilated by Brazilian

In addition, dynamic systems are complex in the
sense that the overall behavior of the system is more
than the sum of the behavior of its elements, rather
it emerges from the iterative interaction of the many
elements that make up the system within themselves
and with the environment. This makes the L2 learning experience extremely idiosyncratic, for each system (learner) will behave differently at different moments of their developmental route.
This dynamic and idiosyncratic nature of L2
phonological development is what makes dynamic
systems better examined in a longitudinal study that,
besides looking into group patterns, also analyzes individual routes of development [17, 13, 21, 6], which
is the contribution this study attempts to make.
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3. RESULTS

2. METHOD

The first step was to visually inspect individual
vowel spaces, comparing the distributions of speakers’ vowels in the four different recordings. When
two vowels had half or more of their one-standarddeviation ellipses overlapping, they were considered
potential candidates of overlapping vowels with no
separate phonetic categories; and when less than half
of the ellipses overlapped or when they did not overlap at all, they were considered potential candidates
of separate vowel categories. In order to confirm the
status of those potential candidates for separate or
overlapping vowels, the ED between each contrasting pair of vowels for each speaker was calculated
using Lobanov-normalized F1 and F2 values. In a
previous study with the same method of data collection and analysis [16], the EDs between the mean
formant values of a group of 10 native speakers of
American English were .46 for [i I], .38 for [E æ]
and .33 for [u U]. Therefore, in this study, the potential separate pairs of vowels were in fact considered
separate phonetic categories only if their EDs were
of at least 0.3. It is based on these two criteria that
table 1 shows in which recordings there is a contrast
between the target vowels for each speaker.
As can be seen, there are all types of developmental routes, from a learner that did not develop separate vowel categories at all; to those who developed
along the way, especially after taking the English
Segmental Phonology course (between recordings 2
and 3); and those who created new phonetic categories but then lost them. From the 10 learners, 7
already had separate vowel spaces for the pair [i I]
in recording 1, and the other 3 did not develop these
categories in the other three recordings. For the [E
æ] pair, only one student already had separate phonetic categories for them in recording 1, three learners developed separate categories for them in recording 3 and kept them in recording 4, and two of them
produced them as separate vowels in recording 3
(right after taking the English Segmental Phonology
course) but not anymore in recording 4. For the high
back vowels, two learners produced them separately
in recordings 1 through 3 but not in 4, three learners
created separate phonetic categories for them along
the way, and only one already had them separate
from recording 1 onwards. Only three learners got
to recording 4 with separate phonetic categories for
all three pairs. The column with most YES’s is for
the pair [i I] and the one with fewest is the one for [E
æ].
Lastly, as an attempt to look at a general vowel development index for each learner and for the group as

The data analyzed is the production of the six vowels by 10 Brazilian college students majoring in English Language Teaching. Participants were all male,
aged 18-20, native speakers of Brazilian Portuguese,
with no experience in an English-speaking country,
no experience learning foreign languages other than
English, and with no extracurricular English lessons
experience (in Brazil English lessons are mandatory
in middle and high school, but with the sole focus on
reading - teenagers who wish to learn how to speak
English either go to a private language institute or
study on their own). They had heterogeneous levels of general language proficiency, with some learners at a very basic level, and others with fluent conversational abilities by having studied on their own
through podcasts, videos and music. They took five
mandatory courses per semester, each one with a total of 64 hours. In the first semester, one course is
taught in English and the other four in Portuguese.
From the second semester on, all courses are taught
entirely in English. In the third semester, they take
a mandatory English Segmental Phonology course,
in which they gain technical knowledge and practice
pronunciation of segments, including the target vowels of this study.
Participants were recorded individually at the end
of semesters 1, 2, 3 and 4, in a silent room, reading words inserted in the carrier sentence “I said token this time”. The corpus was composed of three
words for each target vowel. The words were all
monosyllabic CVCs, with most Cs being voiceless
plosives, preventing acoustic bias from neighboring segments. The words were “peak”, “Pete” and
“teak” for [i]; “pick”, “Pitt” and “tick” for [I]; “peck”,
“pet” and “tech” for [E]; “pack”, “pat” and “tack” for
[æ]; “boot”, “poop” and “toot” for [u]; and “book”,
“put” and “took” for [U].
F1 and F2 values were used to create vowel space
plots for individual speakers in order to compare
their development over time. F1 and F2 values were
Lobanov-normalized in order to calculate the Euclidean Distances (ED) between the vowels without
the bias of F2 values, which have raw values that are
much larger and that increase in much larger increments than F1. The ED is a measure of dissimilarity
that can be used to measure the distance between two
points in a cartesian coordinate system, which is the
case of the F1- F2 graph 1 . Finally, the EDs were
used to fit a mixed-effects model to the data.
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Figure 1: Mixed-Effects Model of the sum of
Euclidean Distances of the 3 pairs of vowels by
recording for each speaker.

Table 1: Occurrence of separate phonetic categories for target pairs of vowels by speaker and
recording

A

B

D

E

F

G

K

L

M

N

Recording
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4
1
2
3
4

[i I]
YES
YES
YES
YES
YES
YES
YES
YES
no
no
no
no
no
no
no
no
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
YES
no
no
no
no
YES
YES
YES
YES

[E æ]
no
no
YES
YES
no
no
no
no
no
no
no
no
no
no
no
no
no
no
YES
YES
no
no
no
no
no
no
YES
no
no
no
YES
no
YES
YES
YES
YES
no
no
YES
YES

[u U]
no
no
YES
YES
no
no
no
no
no
no
no
no
YES
YES
YES
no
no
no
no
YES
no
YES
YES
YES
no
no
no
no
YES
YES
YES
no
no
no
no
no
YES
YES
YES
YES

Recordings
A

B

D

E

F

G

K

L

M

N

3

2

1

3

Sum of euclidean distances

Speaker

2

1

3

2

1

tive correlation between the sums of EDs and time.
In theory, learners should increase the distances between contrasting vowels as they advance in their
study of English, but only six of them ended up with
a positive correlation, some of which were not significantly steep.
The black dashed line, which is repeated in every
individual plot, is the general tendency of the group,
also created from a simple linear model. It favors
the hypothesis that learners should increase their distances with time of study, with a positive correlation, but the slope was not significant. The model
estimated an initial ED of 1.16 (Intercept) and an increase of 0.144 ED per recording (Slope), but with a
p-value for the slope of 0.163 (r2 = 0.05).
The red thinner line is the result of the mixedeffects model fitted for each speaker’s data. It shows
an increase in ED per recording for 7 speakers, but
there was a lot of variance among speakers. The
standard deviation (SD) of the intercept in the random effects, which estimates subject-to-subject variation in the intercept, was 0.16. Similarly, the SD of
the slope in the random effects was 0.21, and the one
for the residuals (which represents the expected scatter around the fitted lines for each subject) was 0.3
(AIC = 57.1; BIC = 65.5).
Lastly, the dotted line, with no slope and repeated
in all individual plots at 1.17, marks the sum of
the EDs from mean F1-F2 values of a group of 10
native speakers of American English [16]. This
serves as a reference, showing that the three learners with negatively-correlated lines for the mixedeffects model (speakers D, E and M) had sums of
EDs below that of the group of native speakers.

a whole, the sum of the EDs of the three target pairs
of vowels was used to fit a mixed-effects model to
the data. The expectation was that learners would
increase their distances as they advanced in time in
their studies. In the model, the fixed effects were the
intercept and the slope of the trend for the population
of all 10 learners (from a linear model of sum of EDs
by recording), and the random effects were the deviations in intercept and in slope that each subject’s
own trend had from the population values (based on
[1]).
In Figure 1 the four black dots are the sums of EDs
for each recording, and the blue thicker line is the
tendency line for each speaker from a simple withinsubject linear model. Not all speakers had a posi-
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was not always easy to decide if two vowels should
be considered “with” or “without’ a contrast. That
is why some criteria needed to be defined and followed for the categorization of the results. Nevertheless, under DST, one cannot overlook the gradience found in the data. Some students were classified into “no contrast”, but were almost creating
new categories. The binary classification of participants may give the wrong impression that all learners
with a “no” in Table 1 produced the contrasts equally
overlapped, which was not the case. Some students
moved their vowels apart, just not enough to fulfill
the pre-established criteria. Likewise, not all speakers with contrasting vowels in Table 1 produced them
equally well. Some produced them in the threshold of the criteria, whereas others produced vowels truly separated, with the ellipses far from touching each other. There was variation even within the
same speaker. Speakers F, G and K, for instance, all
marked with separate categories for [i I], produced
contrasts way more separate in the last two recordings.

Most learners produced their vowels with EDs
greater than those of the group of native speakers (above the fixed dotted line). This does not
mean that they necessarily produced vowels in separate phonetic categories because, in many cases, the
one-standard-deviation ellipses in their vowel spaces
were still overlapping, which did not happen with the
group of native speakers. This means that at some
point in their developmental routes, the learners were
able to produce some of the target words with distinct vowel categories, but not all of them, or not all
of the time, resulting in a lot of variance and thus
large ellipses in their vowel spaces, whereas the native speakers were able to maintain their vowel categories completely separate (with ellipses far from
each other) at a smaller ED.
4. DISCUSSION
There was a lot of variability in the development
of learners. Among the productions of all learners, there was a total of 11 vowel contrasts already
present in recording 1, eight new contrasts were created along the four recordings (six of them right after the English Segmental Phonology course), and
four were “lost”. Under a Dynamic Systems Theory (DST) perspective of language development, this
comes as no surprise, as each student is a dynamic
system undergoing a process of language development, which is also a dynamic system. Each system
is made up of so many elements, whose interaction
among themselves and with the environment make
the performance in the L2 emerge, that it is impossible to expect all learners to be at the same stage,
even if they take a placement test. Learners arrive at
college with different experiences in the L2, levels
of motivation, quantity and type of exposure to the
L2, just to mention a few individual variables.
The contrasts apparently “unlearned” at some
point reveal the non-linear nature of language development, showing that the system is constantly
moving towards attractor states. The non-linearity
between cause and effect also account for the fact
that not all students immediately created new phonetic categories after taking the English Segmental Phonology course. It is possible that later on,
and triggered by other perturbations of their systems,
those learners that showed no immediate effect will
move their systems away from the attractor states of
the prototypical L1 vowel categories.
Finally, the results section attempted to categorize
students’ productions into “contrasting vowels” and
“no contrasting vowels’. However, language development is not categorical, but gradient in nature. It

5. CONCLUSION
The main goal of this paper was to analyze the development of six English vowels by Brazilian college
learners of English Language Teaching throughout
the four first semesters of their studies. This was
achieved by analyzing the creation of new phonetic
categories for the target vowels and the developmental route of each learner through visual inspection
of vowel spaces, calculation of EDs between contrasting vowels, and the creation of a mixed-effects
model on the sum of EDs by recording.
The analyses showed a lot of variability in the
development of the target vowels by the learners,
which was expected under DST. Many learners developed new phonetic categories throughout these
four first semesters, and more phonetic contrasts are
expected to develop as they continue their studies.
Future investigation of these data will include an
analysis of durational patterns as well as analysis of
a less monitored production (reading a text). Future
studies of this nature could also include perceptual
studies as an attempt to witness the emergence of
both perceptual and productive vowel categories.
ACKNOWLEDGEMENT
This project has been partially funded by the
Brazilian National Council for Scientific and Technological Development (CNPq), grant number
471868/2014-0.

3183

6. REFERENCES

[17] Lima, R. M., Jr. 2016. A necessidade de dados individuais e longitudinais para análise do desenvolvimento fonológico de l2 como sistema complexo.
ReVEL 14(27), 203–225.
[18] Nobre-Oliveira, D. 2007. The effect of perceptual training on the learning of English vowels by
Brazilian Portuguese speakers. PhD thesis.
[19] Pierrehumbert, J. 1990. Phonological and phonetic
representation. Journal of phonetics 18(3), 375–
394.
[20] Rauber, A. S. 2006. Perception and production of
English vowels by Brazilian EFL speakers. PhD
thesis Florianópolis.
[21] Verspoor, M., de Bot, K., Lowie, W. 2011. A dynamic approach to second language development:
Methods and techniques volume 29. Amsterdam:
John Benjamins Publishing.

[1] Bates, D. M. 2010. lme4: Mixed-effects modeling
with R. Berlin.
[2] Bion, R. A. H., Escudero, P., Rauber, A. S., Baptista, B. O. 2006. Category formation and the role
of spectral quality in the perception and production
of English front vowels. Interspeech. Citeseer.
[3] Bybee, J. 2003. Phonology and language use volume 94. Cambridge: Cambridge University Press.
[4] Cristófaro Silva, T. 2003. Descartando fonemas:
a representação mental da fonologia de uso. In:
Hora, D., Collischonn, G., (eds), Teoria linguística:
fonologia e outros temas. João Pessoa: Editora Universitária.
[5] de Bot, K. 2008. Introduction: Second language
development as a dynamic process. The Modern
Language Journal 92(2), 166–178.
[6] de Bot, K., Larsen-Freeman, D. 2011. Researching
second language development from a dynamic systems theory perspective. In: A dynamic approach
to second language development. John Benjamins
5–24.
[7] de Bot, K., Lowie, W., Verspoor, M. 2007. A dynamic systems theory approach to second language
acquisition. Bilingualism language and cognition
10(1), 7.
[8] Flege, J. E. 2007. Language contact in bilingualism:
Phonetic system interactions. Laboratory phonology 9, 353–382.
[9] Flege, J. E., Munro, M. J., MacKay, I. R. A. 1995.
Factors affecting strength of perceived foreign accent in a second language. The Journal of the
Acoustical Society of America 97(5), 3125–3134.
[10] Flege, J. E., Yeni-Komshian, G. H., Liu, S. 1999.
Age constraints on second-language acquisition.
Journal of memory and language 41(1), 78–104.
[11] Kuhl, P. K., Conboy, B. T., Coffey-Corina, S.,
Padden, D., Rivera-Gaxiola, M., Nelson, T. 2008.
Phonetic learning as a pathway to language: new
data and native language magnet theory expanded
(NLM-e). Philosophical Transactions of the Royal
Society B: Biological Sciences 363(1493), 979–
1000.
[12] Larsen-Freeman, D. 1997. Chaos/complexity science and second language acquisition. Applied linguistics 18(2), 141–165.
[13] Larsen-Freeman, D., Cameron, L. 2008. Complex
systems and applied linguistics. Oxford: Oxford
University Press.
[14] Leather, J. 2003. Phonological acquisition in multilingualism. In: Mayo, M. d. P. G., Lecumberri,
M. L. G., (eds), Age and the Acquisition of English as a Foreign Language. Clevedon: Multilingual Matters chapter 2, 23–58.
[15] Lima, R. M., Jr. 2013. Complexity in Second Language Phonology Acquisition. Revista Brasileira
de Lingüística Aplicada 13(2).
[16] Lima, R. M., Jr. 2015. A influência da idade
na aquisição de seis vogais do inglês por alunos
brasileiros. Organon 30(58), 17.

1

√The Euclidean Distances were calculated using
(F 1.A − F 1.B)2 + (F 2.A − F 2.B)2 , where A and
B represent two different vowels.
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ABSTRACT

feedback, rapidly adjusting their amplitude [1], pitch
[3], or formant frequencies [12, 4, 8] to partially
oppose the perceived mismatch between intended
and observed speech acoustics. A related line of
evidence comes from studies examining on-line responses to natural acoustic variability in produced
speech. In these experiments, auditory feedback is
left unaltered, but some productions will naturally
fall farther from a speaker’s acoustic prototype for a
given vowel. Self-correction of these productions is
evident in how speakers change the course of their
formant trajectories while speaking; between the
start and middle of a vowel, speakers are able to steer
more deviant productions closer to more prototypical productions, reducing variability [11]. Additionally, auditory sensitivity to these more deviant productions is evident in speakers’ cortical responses to
self-produced speech, which are greater when productions are more acoustically deviant [10].
To achieve this sensitivity, speakers must have a
stable sensory representation of the target, which is
the basis of comparison on which an error calculation can be performed. Similarly, this target is necessary for speakers to be able to correct themselves
accurately. In a second language, unfamiliar phonetic categories have a weaker auditory representation than native categories, impeding the detection
of acoustics that deviate from the target representation. Speakers additionally have less practice in implementing motor plans for L2 categories, and may
be less able to adjust their productions on-line to
produce the intended output.
In this study, we examine variability and selfcorrection abilities of L1 English speakers producing French as a second language. Where English
distinguishes vowels only by height and backness
(geographical region of primary lingual constriction), French additionally contrasts whether the lips
are rounded or not. English does contrast rounding,
but not as an independent feature: in English, only
back vowels (e.g. [u]) are ever rounded, and front
vowels (e.g. [i]) are always unrounded. In addition to front-unrounded and back-rounded vowels,
French additionally has front-rounded vowels, such
as [œ]. We expect speakers’ perceptual targets to be
less well-formed for these novel categories. Here we

We listen to ourselves while talking, comparing our
acoustic output to an internal auditory representation of speech targets. Previous work has shown that
speakers are sensitive to their own natural acoustic
variability in their native language, steering deviant
productions towards auditory targets while speaking
[10]. This corrective behavior is evident in the magnitude and direction of vowel formant trajectories
over the course of an utterance.
In a language learned in adulthood, auditory targets may be weaker, resulting in less successful selfcorrection in novel vowel categories. In the current
study, participants were recorded producing monosyllabic words in L1 (English) and L2 (French).
Speakers’ L2 productions showed increased acoustic variability and reduced corrective behavior compared with L1. These results are consistent with
weakened auditory representations of speech targets
in L2, which may impair the ability to correct one’s
own productions on-line.
Keywords: L2 phonetics, vowel categories, selfperception.
1. INTRODUCTION
We listen to ourselves while we are talking to ensure
that our speech matches what we intended to say and
how we intended to say it. Healthy native speakers
maintain acoustic consistency by accessing their auditory feedback, which they use to detect errors and
update motor plans while talking. In a second language, producing native-like phonetic categories is
more difficult: speakers have less experience with
producing and perceiving these phonemes, so L2
speech motor programs are less well-practiced and
internal auditory representations in L2 are weaker.
Here, we investigated whether native English speakers who learned French in adulthood are able to detect and correct for errors in these two languages.
Native speakers’ sensitivity to their auditory
feedback has been consistently shown by studies
that alter that feedback in real time. In these
studies, speakers compensate for unpredictable
experimentally-imposed alterations to their vocal
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examine formant trajectories during the production
of the familiar vowel [i], the French front unrounded
mid vowel (similar to English [e] or [E], and denoted
here as [E]), and the French low front round vowel
[œ].

2.3. Stimuli

Three words from each language were produced by
participants and are shown in Table 1 below. Stimuli were chosen to minimize effects of coarticulation (no onsets; codas limited to labiodental fricatives where possible). MEG studies require a large
number of trials to differentiate signals from noise;
for this reason, we used a small number of stimuli
with a large number of repetitions.

We hypothesize that L2 vowels will be produced
with more variability [6]. Further, because selfcorrection requires the ability to calculate acoustic
distance from a speech target, we hypothesized that
there would be less self-correction in French (L2)
than in English (L1). We additionally hypothesized
that these L2 effects would be greatest in [œ], the
vowel which is the most unfamiliar and therefore
likely to have the weakest target, and smallest in
[i], which is shared across languages, and which
occurred in identical phonetic environments in our
stimuli.

Table 1: Word production stimuli

English
French

Eve [iv]
Yves [iv]

eff [Ef]
hais [E]

add [æd]
oeuf [œf]

2.4. Acoustic analysis

For each spoken trial, vowel onset and offset were
manually labeled. Within this interval, the first
and second formant frequencies (F1 and F2) in Hz
were tracked every 5 ms using Praat [2] via the
wave_viewer analysis package [7] for Matlab. Formant values were converted to the mel perceptual
scale for all analyses.

2. METHODS
2.1. Participants

Nine participants (seven female) took part in the
experiment. All procedures were approved by the
Institutional Review Board at the University of
Wisconsin–Madison and took place at the Medical College of Wisconsin or the Waisman Center
at UW–Madison. Four participants were recruited
from the Madison and Milwaukee areas, all with
at least intermediate-level French experience from
high school or university. Pilot data from the coauthors is also included; one is a trained phonetician,
and the other has over a decade of experience with
French. Both were deemed familiar enough with the
tested vowel categories to include their data in the
analysis; their data were within the range of data
from the seven naive subjects.

First, F1 and F2 were averaged across the first 50
ms of each utterance. These values defined the coordinates of the utterance’s starting point in an F1/F2
coordinate plane. For each speaker, the center for
each vowel category was defined as the median F1
and F2 for that vowel in this early time window. Initial variability for each trial was defined as its distance from the vowel center. Trials were then categorized based on this initial variability. The third
of trials with the smallest initial variability, whose
starting points were closest to the center, were defined as “center” trials. The third with the greatest
initial variability were defined as “peripheral” trials.
Second, F1 and F2 were averaged across a window containing the middle 50% of the vowel for
each utterance; these values defined the coordinates
for the midpoint of the utterance. The center for each
vowel category was similarly redefined as the median F1 and F2 in this middle time window. Midtrial variability was defined as each trial’s distance
from this vowel center.

2.2. Procedure

Participants were seated in front of a screen and instructed to produce words as they appeared. Each
block consisted of 90 speaking trials, and trials were
randomized within a block. Blocks alternated between English and French. There were a total of ten
blocks (five in each language) for a total of 900 trials (150 per stimulus). Three subjects participated in
a concurrent magnetoencephalography (MEG) neuroimaging study; some completed fewer than 900
trials (720, 810, and two with 540 trials) owing to
time constraints.

Self-correction was defined as the change in the
variability between the beginning and middle of
an utterance. For each utterance, mid-trial variability was subtracted from initial variability; selfcorrective behavior refers to trials where variability
decreased from the first to the second time window.
Further details can be found in [9].
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3. RESULTS

cantly different between other vowel pairs.
In a separate analysis considering central and
middle trials in addition to peripheral trials, language and vowel were both significant (p < 0.0001)
predictors of self-corrective behavior; there was
again more self-correction in English than in French.
Post hoc Tukey tests showed no significant differences between English vowels. However, within
French, [œ] had significantly more self-correction
than all other French vowels and was not different
from self-correction in English.
Initial variability (log values) had a significant effect (p < 0.0001) when added to the model predicting the self-correction of peripheral trials. In this
model, the effect of variability had the greatest coefficient of any factor.
In peripheral trials, log initial variability was positively correlated with self-correction (r = 0.357, p <
0.0001). This relationship was stronger in English
(r = 0.45) than French (r = 0.32, both p < 0.0001).
Thus variability is a significant predictor of selfcorrection, but its effect is mediated by language.
Finally, to test whether our results could be explained by regression to the mean, we calculated
reverse-time changes in variability, redefining the
peripheral trials by the second time window and
measuring correction in the first time window. An
ANOVA comparing self-correction with this timereversed correction found a significant effect of the
additional factor of time direction (p = 0.01), with
more self-correction for forward than reverse time.

3.1. Variability

We ran separate ANOVA models to predict variability in the first (initial 50 ms) and second (middle
50%) time windows, with language and vowel as
fixed factors and subject as a random factor. Because variability is defined as a distance from vowel
center, values approximate only the positive half of
a normal distribution (i.e., there are no negative distances); for this reason, we used log-transformed
variability as a dependent measure. In the first time
window, variability was significantly predicted by
language (p < 0.001): there was more initial variability in French than in English. Post hoc Tukey
testing on the factors of language and vowel revealed
that in both languages, [i] had the least variability.
In English, there was no difference in variability between [E] and [æ], but in French, all three vowels
were significantly different from each other, with the
least variability in [i] and the most in [œ]. Finally, [i]
and [E] had significantly less variability in English
than in French, despite the existence of each phonemic category in both languages. We had hypothesized that speakers would map these categories from
L2 directly onto matching L1 categories, but this evidence suggests that speakers in fact have separate
categories for these vowels in L1 and L2.
The cross-linguistic patterns observed between
similar phonemic categories in English and French
during the first time window remained in the second
time window. Relationships among English vowels
remained the same, as did the relationships among
French vowels.

4. DISCUSSION
Subjects showed more variability and less selfcorrection while speaking L2 than L1, supporting
our hypothesis that language inexperience results in
a weaker auditory target, hindering the error calculation required to devise a corrective motor plan.
We also found a significant correlation between
initial variability and self-correction, suggesting that
the detection of this variability may underlie the
correction. This correlation may explain why [œ],
which should have been the least familiar vowel, did
not have significantly less correction than any other
vowel. Interestingly, initial variability was significantly greater for French vowels, but it was accompanied by a smaller, not a greater, self-correction;
that is, the resulting behavior was not as effective.
These results suggest that vowel-specific familiarity
is not the only force driving language differences in
self-correction.
Vowel familiarity seemed to have some effect on
variability. In both time windows, the most unfa-

3.2. Self-correction

Self-correction varied between participants and
vowels. Group data showing self-correction in all
peripheral trials is shown in Figure 1. A mixedeffects ANOVA (same factors as for variability,
above) predicting amount of self-corrective behavior in peripheral trials showed main effects of language (p = 0.006) and vowel (p = 0.005). Post hoc
tests revealed more self-correction in English than
French.
Tukey tests were used to investigate marginal
means differences in language and vowel quality.
English [æ] had significantly more self correction
than French [i] as well as [E] in both languages.
French [E] additionally had significantly less selfcorrection than English [i]. French vowels did not
significantly differ in correction among themselves.
Self-correction in peripheral trials was not signifi-

3187

200

200

100

100

100

0

-100

-200
-200

norm F2 (mels)

200

norm F2 (mels)

norm F2 (mels)

Figure 1: Self-correction for all subjects (overlaid), English vowels (top row; from left: [i], middle: [E], right:
[æ]). French vowels (bottom row; from left: [i], middle: [E], right: [œ]). Open circles denote formants at trial
onset and arrowheads denote formants at trial midpoint.
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miliar vowel ([œ]) had the most variability, as predicted. For familiar vowels ([i,E]), there was less
variability in English than in French both at initial
and mid trial. The differences in variability in [i]
across languages were unexpected and suggest that
variability, even within a single phonemic category,
is language-specific. Although [i] and [E] are similar in both languages, speakers have more experience with those categories occurring in English than
in French, which may preferentially strengthen their
English targets. In fact, there is evidence that speakers had language-specific targets for [i] and [E]: ttests (Bonferroni-corrected to α = 0.01) showed that
the mean F1 and F2 were significantly different
across languages, with English [i] lower and fronter than French [i], and English [E] lower and backer
than French [E].
In summary, vowel targets, variability, and selfcorrection vary as a function of language experience.
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guage. Speakers may have less sensitivity to finegrained, within-category differences in unfamiliar
phonetic categories, which may impair the ability to
detect and calculate errors. Less experience with attaining the target may impair the ability to calculate
a motor plan on-line to reach that target.
This study found that successful self-correction is
reduced when speaking a second language. While
the novel category [œ] underwent a comparable
magnitude of self-correction, the final variability
was still greater than in native vowel categories. Further, self-correction differed within similar vowel
categories across languages, suggesting that even if
targets from a new language are mapped onto the
native language [5], the production system does not
treat the targets as identical to each other.
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ABSTRACT
Variability is widespread in speech, but it is
unlikely that all of it is harmful; variability in other
domains has been shown to allow flexibility, within
limits. Using one technique for separating the two, we
applied Uncontrolled Manifold Analysis (UCM) to
vowels in running speech. This results in two
multidimensional manifolds, one the controlled
manifold, where variation is harmful relative to the
target, and a complementary uncontrolled manifold,
where variation is benign. Utterances from 32
speakers of English were analysed acoustically and a
UCM analysis (with intended vowel category as the
target) was extracted. This was compared to the UCM
analysis of 4 second-language (L2) speakers of
English (Korean L1). Results indicate that L2
speakers had smaller uncontrolled variability,
consistent with their lower accuracy. UCM suggests
the possible direction of variability that L2 speakers
need to master. Simulating along the controlled vs.
uncontrolled manifolds further supports this
suggestion.
Keywords: Uncontrolled Manifold; variability;
vowel formants; second language; Korean-English.
1. INTRODUCTION
Variability in speech is both well-recognized and
poorly understood, despite decades of research [7, 10].
Variability is extensive in all biological systems, of
course, and recent advances in analysis have begun to
separate the variations into two useful categories:
harmful and benign [13, 14]. The technique of
Uncontrolled Manifold Analysis (UCM) allows the
exploration of different partitionings of variability
into task-relevant (i.e., harmful-to-task) and taskirrelevant (i.e., benign-to-task) components without
having to define these dimensions a priori [12]. The
controlled manifold is that combination of
dimensions in the data constrained to be within a
minimal range, otherwise the target cannot be reached.
It suggests the dimensions that are under neurological
control [13]. The uncontrolled manifold, then, is that
range of variability that can be tolerated while still
reaching the target. The CM defines success, while
the UCM defines flexibility.
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Successful mastery of an action has been found to
result in an overall decrease in motor variance while
the UCM variability remained larger than the CM
variability [8, 20]. Forcing the motor system to adapt
to a broader range of conditions can also increase
flexibility [3].
Very few UCM analyses of speech have been
performed to date. Saltzman, Kubo and Tao [12]
provide a theoretical basis for constructing the task
space for the CM in terms of articulator constrictions;
a corresponding CM based on acoustic targets would
require a secondary hidden Markov model to provide
the necessary input. Szabados and Perrier [16]
addressed the issue of motor equivalence [11]. They
found synergistic movements in the simulated 2D
vocal tract to achieve formant targets for 10 French
vowels. Given the variability of formants themselves
[4] as well as the unnaturalness of the simulated
speech, however, applicability to natural speech is
unclear.
In addition, control and flexibility in second
language (L2) speech remains to be explored. It is
undetermined whether the L2 accented speech is
comparable to L1 speech for the use of UCM and how
that interacts with overall accuracy. Studies have
demonstrated L2 speech deviates acoustically from
L1 speech [2, 9]. Whether this deviation from L1
indicates harmful or benign to producing the target
has not been explored.
The present project uses UCM analysis to address
these issues through specific questions: Does the
UCM differ for second language (L2) speakers
compared to L1 speakers? Does this difference reveal
harmful variability for the target achievement?
2. EXPERIMENTAL DATA
The basis for the UCM analysis of English L1
speakers was the X-ray Microbeam dataset (XRMB)
from the University of Wisconsin [17]. 32 speakers
who had been previously analysed by others [18]
were selected. These speakers read a list of words and
sentences as well as sequences of syllables while their
productions were simultaneously recorded by the
movements of gold pellets attached midsagittally on
the tongue and the lips including other reference
points. The pellet sensors were sampled at 145.54 Hz
and the sound files were recorded at the sampling rate

of 21,739 Hz. These acoustic recordings were further
re-sampled to 10 kHz to narrow the frequency range
up to 5 kHz, which roughly corresponds to the
linguistically meaningful range for American English
vowels [4].
After selecting the nine monophthong vowels (/i,
ɪ, ɛ, æ, ɑ, ʌ, ɔ, ʊ, u/) [18], the Short-Time Fourier
Transform (STFT) was computed at each vowel midpoint based on the acoustic analysis window (45 msec)
and the frequency bins (1024). Vowels smaller than
this window were ignored. To reduce the redundancy
in the STFT spectrum, 40 linear filter banks were
computed. The extracted filter banks were z-score
normalized by speaker for the cross-speaker
comparison.
To compare with the second-language speakers,
the
electromagnetic
articulography
(EMA)
recordings of the four L2 speakers (2 female) whose
L1 is Korean were used. These L2 speakers read
newspaper articles (one written in English and the
other in Korean) at their normal speed in a laboratory
environment. Only the recordings of the English
article were analysed for the current project. Despite
the L2 accentedness, speakers were relatively fluent
in English. Their passage reading was recorded both
articulatorily (sampled at 200 Hz) and acoustically
(sampled at 16 kHz). Likewise, the acoustic
recordings were re-sampled to 10 kHz. Speaker-wise
normalization was applied by z-scoring.
10 principal components were calculated from the
40 normalized linear filter banks using Principal
Component Analysis (PCA), combining both XRMB
and L2 dataset to make shared PCs across speakers.
Mel filter banks were also tested; however, the
amount of the explained variability for the data was
less (81.8%) than that of linear filter banks (88.75%),
which led us to use linear filter banks instead.
3. UNCONTROLLED MANIFOLD
METHOD (UCM)
3.1. Forward mapping computation

UCM analysis depends on both input and outcome
data being multidimensional, allowing the method to
apply to a great many types of data. The UCM method
decomposes n-dimensional input data space into two
subspaces (“manifolds”), one of which (the CM) will
affect the outcome, and the other of which (the UCM)
will not (meaningfully) affect the outcome. The CM
and UCM manifolds are orthogonal to each other and
their dimensional sum is n as defined within the ndimensional input space. Once the two spaces, UCM
and CM, are computed, we can project the input data
on each of the spaces. If the variance on the UCM is
higher than on the CM, there is synergy and the UCM
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represents benign variation; if not, there is no benign
variability (UCM = CM) or even destructive
compensation (UCM < CM).
The larger the
UCM/CM ratio, the greater the synergy [6].
UCM analysis requires a known forward mapping
from the elemental variables to the task variables. The
mapping from the acoustics to the perceptual sound
categories, however, are not directly estimable. Using
linear regression [1, 5] can possibly approximate this
relationship; however, the linear methods are often
error-prone where the underlying data includes more
complex relationship rather than being linear. This
led us to the use of deep neural networks. The hyper
parameters of our neural networks are: three hidden
layers, 500 nodes, sigmoid activation, dropout with
0.5 [15], 20% held-off for test set. The vowel
categories were determined as the forced aligned
segmental labels [21] because both dataset were
elicited speech. That is, there were explicit target for
the speech. Whether the segmental labels match with
the human perceptual identification of vowels is not
pursued in the current project. To account for the
cross-speaker differences, the neural-network
forward mapping function was trained for individual
XRMB speakers, resulting in 32 forward mapping
models.
3.2. Jacobian matrix and null space

After establishing the forward mapping function from
the acoustics (10 dimensional; i.e., 10 PCs) to vowel
targets (9 dimensional; i.e., 9 vowels), the Jacobian
matrix is defined as the partial derivatives of the
vowel target variables with respect to the 𝑛 acoustic
variables, as follows:
(1)
(2)

𝑌 = 𝑓(𝑋)
𝐽(𝑋) = 𝜕𝑌/𝜕𝑋,

where 𝑋 is 10-d acoustic variables, 𝑌 is 9-d vowel
target variables and 𝑓 is a neural-net forward
mapping function. The function J(.) is the Jacobian
matrix, and 𝜕𝑋 and 𝜕𝑌 indicates small displacements
in acoustic spaces and task (vowel target) spaces,
respectively.
The Jacobian matrix (𝐽), defined in (2), captures
how much changes in the elemental variables (i.e., 10
PCs from linear filter banks) result in the changes in
the task variables (i.e., vowel probabilities). For the
current project, the calculations of partial
differentiation were approximated numerically. Once
the Jacobian matrix was calculated, the UCM space is
defined as the null space (spanned by the basis vector
𝜀 -./ ) of the Jacobian, calculated by Singular Value
Decomposition, denoted as 𝜀 as in (3):

(3)

𝐽 ∙ 𝜀 = 0, where 𝜀 ≠ 0.

Varying along this UCM space indicates benign-totask variability (flexibility). The space which is
orthogonal to the UCM space is defined as the CM
space, denoted as 𝜀3 . Movements along the CM space
are harmful to the task (i.e., vowel probabilities). The
amount of benign-to-task and harmful-to-task
variabilities were calculated as the standard
deviations of the projection of 10-d acoustic features
on to the UCM space and the CM space respectively,
normalized by the degree of freedom of each space.
The formulation is described in (4) and (5):
(4)

𝑈𝐶𝑀789:;<=;/ = (𝑋 ∙ 𝜀) ∙ 𝜀 >
𝐶𝑀789:;<=;/ = (𝑋 ∙ 𝜀3 ) ∙ 𝜀3> ,

(5)

𝑈𝐶𝑀?<98; =
𝐶𝑀?<98; =

Figure 1. The confusion matrices for 9 vowel
categories from the forward mapping model.
Accuracies are annotated in each cell. Top: result
from a female native speaker (JW14). Bottom:
result from a female L2 speaker (F36).

@ABCDEFGHIJHK

LMNOP
@BCDEFGHIJHK
LMOP

,

where the standard deviation of 𝑈𝐶𝑀789:;<=;/ and
𝐶𝑀789:;<=;/ is divided by the degrees of freedom,
𝐷𝐹ABC (i.e. 1) and 𝐷𝐹BC (i.e. 9), respectively.
𝑈𝐶𝑀?<98; denotes the amount of benign-to-task
variability and 𝐶𝑀?<98; that of harmful-to-task
variability. The computations of UCM and CM
spaces for native speakers were based on each
speaker’s own forward mapping model as described
in Sec. 3.1. For L2 speakers, the UCM and CM spaces
were calculated based on a selected single native
English speaker’s forward mapping (JW14). Instead
of training data from all native speakers, only a single
speaker was chosen as a reference because accounting
for individual vocal tract differences is beyond the
scope of the current study. This was left for the future
work. For the same reason, only one L2 speaker (F36)
was chosen for the comparison.
4. RESULTS

4.2. UCM and CM scores

4.1. Accuracy of the forward mapping

The mean accuracy of our neural-net forward
mapping models for the native speakers was 78%
(SD=5%), tested on the held-off test set (20% of the
total data). Figure 1 demonstrates the confusion
matrices for a female native speaker (JW14) and a
female L2 speaker (F36), both of whom were in their
mid-thirties. As expected, the mean accuracy for F36
(L2) (39.18%) is lower than that for JW14 (L1)
(85.47%). In particular, the English vowels pairs /i, ɪ/
and /ɛ, æ/ each map on to a single vowel in Korean
[19] and were more susceptible to be confused than
others for Korean speakers as shown in Figure 1 (58%
for /i/, 33% for /ɪ/, 16% for /ɛ/ and 37% for /æ/).
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The overall distribution of UCM and CM scores is
shown in Figure 2. The results of two one-way
ANOVA models, for UCM and CM separately, with
Nativity (‘Native speakers’ vs. ‘L2 speakers’) as the
main effect, indicated a significant effect of Nativity
on the UCM scores (F(1, 203) = 6.53, p < 0.05), but
not on the CM scores (F(1, 203) = 3.26, p = 0.07).
Figure 2. The overall UCM and CM scores
separated by native English speakers (blue) and L2
speakers (red). n.s. indicates no significant
difference.

*p <.05

n.s.

4.3. A comparison of L1 vs. L2

The UCM scores for the native English speakers were
significantly higher than those of L2 speakers as
shown in 4.2., indicating lesser benign variability in
L2 speech than that of the native speakers. Whether
this difference in the amount of benign variability, or
UCM score, is related to the acoustical differences
were further investigated by reconstructing the
possible range (−1.5 to +1.5 SD) of benign variability
based on the native English speaker’s vowel
production. Figure 3 and Figure 4 illustrate the vowel
spectra of English /ɪ/ and /ɛ/, respectively, by the
same female native speaker (JW14) simulating
changes in the UCM weighting from −1.5 to +1.5. For
comparison, two vowels from a female L2 speaker
(F36) are shown in the lower panel of Figure 3: an L2
/ɪ/ and an L1 (Korean) /i/, ‘이’. There is very little
difference between these two, consistent with a lack
of distinction in L2 production. As can be expected,
the formants for L2 /ɪ/ do not match any of the
candidates from the L1 English speaker’s UCM range
in the upper panel of Figure 3. For English /ɛ/ in
Figure 4, L1 /ɛ/ and L2 /ɛ/ are separable under 2236
Hz (lower panel). The alignment of F2 is also fairly
close between the native /ɛ/ and L2 /ɛ/, ‘애’; however,
it has relatively lower amplitude than the native
speaker’s. The spectral envelop for L2 /ɛ/ still does
not align with the native speaker’s UCM range,
indicating the sizable deviation from the benign
variability.
Figure 3. Top: a native English speaker’s range of
benign acoustic variability from −1.5 (red) to +1.5
(blue) weighting of the UCM for the vowel /ɪ/.
Bottom: an L2 speaker’s mean spectrum of /ɪ/
(black line) overlaid with their mean L1 Korean
vowel /i/, ‘이’ (dashed line).

Figure 4. Vowel spectra of English /ɛ/. Top: a
native English speaker’s range of benign variability
from −1.5 (red) to +1.5 (blue) weighting of the
UCM for the vowel /ɛ/. Bottom: a L2 speaker’s
mean spectra of each vowel (black line) overlaid
with their mean L1 Korean vowel /ɛ/, ‘애’, (dashed
line) for the comparison.

5. DISCUSSION
Taking acoustics as a means of examining variability
in L1 and L2 vowel production allowed us to separate
benign and destructive variability via the
uncontrolled manifold (UCM) analysis. L2 speakers
were found to have consistently smaller UCM scores,
indicating a less flexible control of the English vowel
space. A simulation in the UCM space further
demonstrated how the L1-L2 difference in UCM
scores is reflected in the spectrum, possibly as an
indicator of L2 accentedness.
Redundancy is common in language, and here it
can be seen as a part of flexibility: When multiple
means of conveying a category exist, speakers are
able to adapt to changing circumstances. While there
are individual differences in such variability [18],
there are presumably language-specific differences as
well. Mastering that variability is therefore
presumably part of competence and, ultimately, the
reduction of L2 accent.
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ABSTRACT

ness to accommodate to others.
This paper examines whether younger and older
speakers differ in their accommodation trajectories
regarding two phonetic dimensions: speech rate and
fundamental frequency. Speakers accommodate to
their interlocutors along both variables. Accommodation has been demonstrated for speech rate [30].
Moreover, a corpus-study on Switchboard showed
that this effect is in fact due to the speaker converging to the interlocutor’s speech rather than both of
them converging to a conversation-specific value—
fast speech for animated conversations or slow for
more solemn ones [6]. F0 accommodation has also
been documented [12, 13, 14, 24, 2]. While accommodation is well-attested along both variables, they
differ in terms of age-grading. Speech rate shows a
clear pattern of age-grading—younger speakers talk
faster than older speakers [8, 32, 15, 16, 17, 6]. In a
longitudinal study, Reubold et al. [28] find that their
female and male speaker do not follow the same
trajectory: their male speaker’s f0 falls up to the
age of about 85, and then sharply rises. Their female speaker, who was observed until the age of 76,
shows a consistent decrease in f0 . However, the oldest speaker in this study is 62, and until that age there
is a fairly uniform decrease in f0 with age across the
sexes Reubold et al. examined. While a uniform decrease in f0 should be observable in the age range of
this paper, it is blurred by sex-effects.
By comparing two different phonetic variables,
the present study can add to the discussion on
the uniformity of accommodation—i.e. how and
whether accommodation looks different depending
on phonetic dimension. A comparison of the two
variables also allows us to tease apart general age effects in accommodation from variable-specific ones.
While a change in accommodation for only one of
the variables would mean a change in the production or perception of the given variable, a change in
accommodation along both variables might indicate
that either the willingness or the cognitive ability to
accommodate is affected by aging. A lack of age
effects would indicate that older speakers possess
the same willingness and ability to accommodate as
younger speakers.

This paper examines speech rate and f0 data from
the Switchboard corpus [11] to investigate how a
speaker’s chronological age affects the extent of
their accommodation to their interlocutor. In terms
of speech rate, I demonstrate that older speakers
slow down less for a slow interlocutor than younger
speakers, but they also speed up more for a fast
interlocutor. I argue that these effects are due to
older speakers’ initial speech rate being slower than
younger speakers’, and thus the accommodation pattern attested by old speakers is compensatory, rather
than a sign of decreased willingness or ability to accommodate later in life. This explanation is corroborated by the fact that accommodation for f0 is not
affected by the chronological age of the speaker.
Keywords: phonetic accommodation, convergence,
chronological age, f0 , speech rate
1. INTRODUCTION
Accommodation is the changing of one’s speech in
response to an interlocutor. The extent of accommodation varies individually, but it is also linked to
various social factors, such as gender of participants
[24, 25, 2], sympathy [22, 1, 31], social status [14],
and even the difference between the speaker’s and
the interlocutor’s accent [18]. The effect of chronological age on accommodation is yet to be explored.
We might expect less accommodation from older
speakers than younger ones for two reasons. Since
several phonetic properties of a speaker change with
physiological aging (e.g. slower production and
worse hearing), we might expect that some of the
age-related changes decrease the ability of older
speakers to accommodate via worsened perception
or more limited production. Moreover, accommodation has been linked to wanting to bridge a social gap
[10, 9]. As older speakers exit the “linguistic marketplace" [5] they use more non-standard forms associated with lower status social group [19], which
could indicate that they are less invested in social
appearances. This could lead to a decreased willing-
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locutor’s. A three-way interaction between time,
IL baseline, and age of SP (β =−5.081*10−5 ,
p=0.0003) reveals that speakers of different ages accommodate to their interlocutors differently: older
speakers are less quick to accommodate to slow interlocutors than young speakers.

2. SPEECH RATE STUDY
2.1. Methods

Following Cohen Priva et al. (2017), I study speech
rate accommodation in Switchboard [11], a corpus of two-sided telephone conversations between
strangers on a given topic. The dataset is limited
to conversations of at least 5 minutes, utterances
of at least 3 words, and to speakers whose interlocutors (IL) spoke enough early on for a baseline
(IL baseline) to be established—3 utterances of
3+ words in the first 40 seconds. The final dataset
consists of 50,854 utterances from 206 unique participants (116 female, 90 male), aged 16–62 (mean:
37.8, median: 35). Speech rate (sr) was measured as
the actual duration of the utterance divided by its duration as predicted based on corpus-specific average
durations for each word it contains, following Cohen Priva et al. [6]. A higher value for sr indicates
slower speech, a lower sr means faster speech.
A linear mixed-effect model is fitted to the
speaker’s (SP) speech rate by utterance as predicted
by time (elapsed in conversation), IL baseline,
age of SP, and age of IL, with all interactions
and a random by-speaker intercept. The interlocutor’s baseline (IL baseline) for each conversation
is obtained as the averaged sr of the interlocutor’s
first 3 utterances in the conversation. This baseline reflects the initial values of the interlocutor.
The threshold of significance was adjusted by the
number of tests run in the model with Bonferronicorrection (α=0.05/15=0.0033). Accommodation
can be reflected in a positive main IL baseline effect or a positive time×IL baseline interaction—
i.e.
either the interlocutor’s baseline and the
speaker’s sr correlate or with time the effect of
the interlocutor’s baseline on the speaker’s sr increases, respectively. Age effects in accommodation
would show up as an IL baseline×SP age or as
a time×IL baseline×SP age interaction.

In order to understand whether this is part of a
more complex pattern or indicative of older speakers accommodating less categorically, model predictions for a young and an old speaker were plotted with both slow and fast interlocutors (Figure 1).
Estimates for speakers conversing with a fast interlocutor are in dashed, estimates with a slow interlocutors are in solid, age is reflected in the color
of lines (black for the 20 year-old’s estimates, gray
for the 60 year-old’s one). We can see that while
old and young speakers have different speech rates
at the beginning—younger speakers have a significantly faster speech rate than older ones to begin
with—they reach similar target values after 10 minutes (600s). This in turn means that the rate with
which they accommodate is different: older speakers speed up more to accommodate to a fast interlocutor, but they also slow down less to accommodate to a slow one. The difference in accommodating to slower interlocutors is less apparent, but still
present, possibly due to the fact that it is outshadowed by the general effect of speeding up throughout the conversation (see the effect of time above).
Figure 1: Predicted for accommodation patterns
for younger and older speakers (Black: age 20;
Gray: age 60). Faster speech rates are vertically
towards the top.

2.2. Results

Speakers’ speech speeds up (we find lower values
for sr) as more time elapses in the conversation
(time β =−3.29*10−3 , p=0.0004), which is likely
a task effect arising from the initial unnaturalness
of having to strike up a conversation on a given
topic. The older the speaker is, the less they speed
up as the conversation goes on time×age of SP
β =8.38*10−5 , p=0.0002). time×IL baseline is
significant (β =1.96*10−3 , p=0.0008), which suggests that the longer the conversation goes on, the
more the speaker’s speech correlates with the inter-

2.3. Interim conclusions

Both age-grading and speech rate accommodation
have been replicated in the dataset here. Results fur-
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male-male (mm) conversations were separated.
The dataset consists of 86,173 monoysllabic high
monophthong tokens (ff : 54,164, mm: 32,029),
from 713 conversation sides (ff : 442, mm: 271).
There were 201 unique speakers (112 female, 89
male), whose age range was 16–62 (mean of 38.44,
and a median of 35), which is comparable to the
speech rate dataset. The 54,164 tokens were protductions of 533 different words, uttered 0.14 to
600.72 seconds into the conversation.
The female dyads and male dyads were analysed separately, with identical linear mixed-effect
regression models fitted to the f0 values. Independent variables were time (elapsed in conversation), IL baseline, age of SP, and age of IL
in years, with all interactions as well as random
by-speaker and by-word intercepts. The interlocutor’s baseline (IL baseline) for each conversation is obtained as the averaged f0 of the first 3
high vowels of the interlocutor. The threshold of
significance was adjusted via Bonferroni-correction
(α=0.0033). Again, accommodation can be reflected in a positive main IL baseline effect or
a positive time×IL baseline interaction—i.e. either the interlocutor’s baseline and the speaker’s fundamental frequency correlate or with time the effect of the interlocutor’s baseline on the speaker’s
f0 increases. Age effects in accommodation would
show up as an IL baseline×SP age or as a
time×IL baseline×SP age interaction.

ther indicate that older and younger speakers follow
different patterns in accommodation. Older speakers speed up more for fast interlocutors than younger
speakers, but younger speakers also slow down more
to accommodate to slow interlocutors than older
people do. I argue that this is a compensatory pattern and can be explained by the difference in the
starting speech rates of older vs. younger speakers.
For example, in order to accommodate to a fast interlocutor, older speakers on average have a longer
way to go than younger speakers who already talk
faster on average. This is corroborated by the fact
that old and young speakers reach comparable target
values in the end.
However, the compensatory nature of this effect
needs to be confirmed by looking at another phonetic dimension. If the age effect in speech rate accommodation is compensatory, then for a phonetic
variable where age-grading is secondary (like f0 ) we
do not expect the age of the speaker to significantly
affect the observed pattern of accommodation.
3. FUNDAMENTAL FREQUENCY STUDY
3.1. Methods

A study on f0 accommodation was also conducted
on the Switchboard corpus to test for compensatory
effects. The same corpus was used, but because
of the nature of measurements, a different set of
items and speaker were excluded. Target vowels
for f0 measurements were restricted to high vowels only (/i I u U/), since vowel height has been
shown to slightly but significantly influence f0 : high
vowels have up to ∼25Hz higher f0 values than
low vowels [7, 27, 20, 23]. F0 measurements were
obtained from each monosyllabic word containing
a high vowel at 45%, 50%, and 55%. Measurements above 300Hz were considered errors and were
discarded. Further outliers were filtered out using
the median-centered mean average deviation (MAD)
[21]—outliers were identified as values beyond the
median +/−3 * MAD, and were discarded. To exclude data points influenced by intonation patterns,
all datapoints above 170 Hz for male participants
and all datapoints above 280 Hz for female participants were also excluded (reference frequencies in
[29, 4]). For every vowel, the remaining valid measurements (out of 45-50-55%) were averaged. Data
were filtered for the baseline requirement (3 tokens
from the interlocutor in the first 40 seconds), and
speakers whose interlocutors did not speak enough
early on, were discarded. Only same-sex dyads were
considered in order to eliminate issues of physiologically infeasible targets. Female-female (ff ) and

3.2. Results

The ff model shows no significant effects, there is a
trend to converge (IL baseline: β =2.966*10−1,
p=0.0289 > α=0.0033), which is not significant after Bonferroni-correction—likely an artifact of the number of tests run.
The same
is true for the interaction between IL baseline
and SP age, which is not statistically significant either (p=0.0454 > α=0.0033). The interactions of these effects with time are not significant either (time×IL baseline: p=0.4855,
time×IL baseline×SP age: p=0.2309). The
fact that no f0 accommodation was observed for
ff dyads could be due to dataset-specific properties
such as sparsity of the data rather than gender differences in accommodation, but it is also consistent with findings indicating that men accommodate
more for f0 [2].
In contrast, we do find evidence of accommodation in the mm model (IL baseline:
β =5.190*10−1 , p=0.0001). The interaction between
IL baseline and SP age does not reach significance after correcting for the number of tests run
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(p=0.0093 > α=0.0033). This indicates that the
higher the f0 of the interlocutor, the higher the f0
of the speaker throughout the conversation, which
suggests instantaneous accommodation—in contrast
with the accommodation that we saw for speech rate
that happened over the course of the conversation.
There also is a significant effect of the age of
interlocutor (β =1.388, p=0.0018), which indicates
that the older the interlocutor was, the higher the
pitch of the speaker went. However, there is a
weak positive correlation between an interlocutor’s
age and their baseline for interlocutors older than 35
years old (Kendall’s tau-b τ=0.0312), which means
that for the older speakers in this dataset the older
they were the higher the baseline that they provided
was. Therefore, the effect of speakers using higher
pitch when talking to older interlocutors could indirectly indicate accommodation as well. There is
an almost significant negative interaction between
an interlocutor’s age and their baseline under the
adjusted p-threshold (β =–0.9776*10−3 , p=0.0038
>0.00333). This interaction points in the direction
that the IL baseline effect and the age of IL effect are not independent of one another—i.e. that the
latter is also an effect of accommodation.

ferent phonetic dimensions does not covary [25, 26].
This paper, however, draws attention to another way
in which accommodation is phonetically selective.
The effect of social factors on accommodation is
phonetically selective—only accommodation along
certain phonetic variables is affected by a given social variable. Since age-grading of speech rate accommodation seems compensatory in nature, we can
stipulate that social stratification of a given variable
is a prerequisite of social sensitivity in its accommodation. That is, we only observe social groups accommodating differently along some phonetic variable if there was a difference between those social
groups to begin with. Such a theory would correctly
predict that, for instance, f0 accommodation is sensitive to gender [24, 25, 2], which outlines interesting
areas of further research.
The exact course and timing of accommodation
not only depends on the social identities and physiological properties of the talkers but also on the phonetic variables involved. While accommodation can
be characterised as a holistic process, it is far from
uniform, and the present paper demonstrates that the
effect of social factors can be conditional on the phonetic dimension.

4. SUMMARY AND CONCLUSIONS
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ABSTRACT
This study investigates the role of individual
differences in the earliest stages of sound change,
taking as a case study /s/-retraction in <str>.
Australian English speakers completed an auditory
repetition task involving isolated words with wordinitial sibilants. In <str>-words the sibilant was
manipulated to resemble post-alveolar [ʃ]. The same
participants also completed a forced choice
perception task involving sibilants. The study tests
two predictions: (1) the sibilant in <str>-words
should shift in the direction [s] → [ʃ] during
exposure; (2) the magnitude and direction of shifts
within individuals should depend on their own
phonetic repertoire (production and perception).
Results did not support (1) but there was partial
support for (2) from production. The implications of
the results for models of sound change are discussed.
Keywords: sound change, s-retraction, individual
differences, imitation, perception
1. INTRODUCTION
Even individuals with very similar linguistic
backgrounds can differ in terms of their production
and perception of speech e.g. [4, 13]. Building on
Ohala’s [11] model, it has been proposed [2] that
sound change might come about via chance
interactions between individuals with extremely
different
degrees
of
coarticulation.
More
specifically, those who produce coarticulation can
recognize (and filter out) its effects whereas an
individual who does not coarticulate might mistake
an extremely coarticulated variant as an alternate
variant intended by the speaker, and adopt this
variant in their own speech [2]. Thus a novel and
extremely coarticulated variant might spread to other
individuals, eventually culminating in permanent
change to the canonical form. This account is of
interest because it suggests a possible solution to the
challenge of sound change actuation [15, 18].
However, the idea that listeners-turned-speakers
reproduce novel variants in their own subsequent
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productions [2, 11] assumes a direct link between
individual language users’ perception and
production repertoires that has been difficult to
demonstrate in experimental studies e.g. [3, 6] (but
see also [19]). Moreover, while there is experimental
evidence that coarticulatory differences can be
imitated [20], whether this might be mediated by the
degree to which an individual produces
coarticulation has not been directly tested. The
present study investigates the role of individual
differences in the earliest stages of sound change
using the imitation paradigm (e.g. [1, 10]) and taking
/s/-retraction in English <str> as a test case. This
sound change originates in coarticulation with /r/
that causes spectral centre of gravity lowering during
the sibilant [16]. /s/-retraction has progressed to
completion in some varieties of English in which the
sibilant in <str> resembles /ʃ/ e.g. [14]. In Australian
English, synchronic variation includes coarticulatory
/s/-retraction in <str>, but for most speakers the
sibilant nonetheless remains acoustically closer to /s/
than /ʃ/ [16]. In the present study, a group of
Australian English speakers was exposed to
increased /s/-retraction in <str>-words in an auditory
repetition task. Our prediction is that individuals
with little /s/-retraction in their own speech will
show larger shifts in the direction [str] → [ʃtr] than
those who already produce /s/-retraction at baseline
(for whom there is arguably little to imitate [2]).
Second, the same participants took part in a
perceptual categorization task (/s/ vs. /ʃ/), allowing
the influence of perception vs. production repertoires
on imitation behaviour to be distinguished. We test
the prediction that individuals who in perception
categorize an ambiguous sibilant in <str> as /ʃ/
should be more likely to shift their production target
towards [ʃtr] than those who categorize the same
sibilant as /s/.
2. AUDITORY REPETITION TASK
2.1 Participants

16 adult monolingual Australian English speakers
(age range 29-48; 9 females) took part in an auditory

2.4 Results
Figure 1: By participant average difference in distance
ratio for sibilants in <str> words during exposure
compared to baseline.
4

Materials comprised twenty-nine monosyllabic
English words with word-initial /s/ and /ʃ/ (target
words) and fifteen monosyllabic filler words that did
not contain a sibilant. The target words comprised
<str>-words as well as prevocalic <s>- and <ʃ>words (e.g. strain, sane, Shane). These materials
were presented to participants in written and audio
form. To obtain the audio materials, a female native
speaker of Australian English (not one of the
participants) read all words aloud from a computer
screen while wearing a headset microphone. <str>words were subsequently modified by replacing the
sibilant with one that was ambiguous i.e. more /ʃ/like. This sibilant was obtained as follows: the
speaker produced the word strain once as [stɹæɪn]
and once as [ʃtɹæɪn]. The latter is an artificial
pronunciation but this method was chosen so that the
post-alveolar sibilant noise would include
appropriate contextual information (which would not
be the case with a pre-vocalic [ʃ]). The sibilant was
then spliced from both (i.e. [stɹæɪn] and [ʃtɹæɪn])
pronunciations and an 11-step [s…ʃ] continuum was
obtained by interpolating between the two. 1 One
interpolation from the middle of the resulting 11step [s…ʃ] continuum (step 6) was then chosen and
spliced into all target words containing <str>. The
mean M1 (defined in 2.3) for this sibilant was
4943.3 Hz.
The experiment was conducted in a private
home. Following [10] the recording procedure
involved three consecutive parts: (1) baseline
recording, (2) exposure to model talker and (3) postexposure recording. Results from (3) are not
reported here. During (1), participants read written
words as they appeared on a laptop computer screen
while wearing a headset microphone. During (2),
participants heard over headphones the same words
and were instructed to “identify the word you hear
by repeating it out loud”, after [1].

The acoustic analysis is based on the first spectral
moment (M1), which reliably distinguishes between
[s] and [ʃ] and is therefore an appropriate acoustic
parameter for measuring /s/-retraction. As in [16, 17]
/s/-retraction was quantified as the relative distance
of sibilants in <str>-words between speaker-specific
centroids for prevocalic /s/ and /ʃ/. For this study
centroids were calculated on baseline data (i.e.
before exposure to the model talker), and to increase
the reliability of these centroids we included an
additional 40 prevocalic /s/ and /ʃ/ tokens per
participant (10 repetitions of seem, sane, sheep,
Shane) from an earlier production task with the same
speakers [16]. The first step was to obtain, for each
sibilant token, an M1 trajectory and mean M1
(averaging over the temporal middle half). Each M1
trajectory was then parameterized using DCT to
obtain its mean, slope and curvature (DCTcoefficients 0, 1 and 2, respectively). We then
calculated, using orthogonal projection [17], the
position of each <str> token in the three-dimensional
DCT-space on a line passing through the speakerspecific /s/ and /ʃ/ centroids (which were centred at 1
and -1, respectively). This gave a distance ratio for
each <str>-sibilant token, corresponding to its
relative position between the same speaker’s /s/ and
/ʃ/ centroids. Positive values indicate closer
proximity to /s/, negative values indicate closer
proximity to /ʃ/ and a value of zero indicates that the
sibilant was intermediate between the two.

Number of participants
1
2
3

2.2 Materials and recording procedure

2.3 Acoustic analysis

0

repetition task. All were long-term residents of the
same small rural town (Braidwood, NSW) and none
had ever lived outside of Australia. The results of a
production task [16] showed that the degree of /s/retraction in <str> varied amongst these speakers.
The present study reports data from a subset of the
participants who completed the production task;
individual participant IDs (cf. Figs. 2 & 4) were
maintained to allow comparison with [16].

−0.6

−0.2 0.0 0.2 0.4
During exposure (difference)

0.6

Figure 1 shows by participant differences in distance
ratio for sibilants in <str>-words during exposure
compared to baseline (averaged across all words).
The distribution in Figure 1 is skewed to the right,

1

http://www.holgermitterer.eu/HM/sample_interpolation.
praat
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which indicates a trend towards increased proximity
to /s/ during exposure. A t-test confirmed that this
trend was significant (one-sided t(15) = 2.2019, p
= 0.022). Nonetheless, Figure 1 also shows that in
some participants there was a shift towards /ʃ/ during
exposure and that in others there was little change.
We now investigate whether these differences
during exposure might be explained by the degree of
/s/-retraction in participants’ own speech.
Figure 2: By participant average distance ratios for
sibilants in <str>-words at baseline (x-axis) against
change during exposure (y-axis).

evidence of /s/-retraction in <str> at baseline show
even less during exposure.
3. PERCEPTION TASK WITH <STR>
3.1 Participants

The participants were the same as in the auditory
repetition task (cf. 2.1).
3.2 Materials and procedure

Materials involved /st#r/ and /ʃt#r/ as English
phonotactics do not allow word-internal */ʃtr/. First,
a native speaker produced gassed rat and gashed rat.
The sibilant was spliced from each and a 25-step
[s]…[ʃ] continuum was obtained by interpolating
between the two sibilants, as in 2.2. A subset of 11
steps (5, 8 to 16, 19) was selected, concentrating on
the perceptual crossover point. These sibilants were
spliced back into /gæ_t ɹæt/, giving an 11-step
gassed rat–gashed rat continuum. In order to
minimize the influence on listener responses of any
coarticulatory information for /s/ vs. /ʃ/ in the
surrounding signal, [gæ] was spliced from gassed
rat and [t ɹæt] from gashed rat. Table 1 lists the
mean M1 (defined in 2.3) of the sibilant at each step.

Figure 2 shows participants’ average distance ratios
for sibilants in <str> at baseline (x-axis) against the
data from Figure 1 (during exposure). The dashed
vertical line separates baseline data according to
whether sibilants in <str> were on average closer to
the participant’s own /s/ (right) or /ʃ/ (left). The
dashed horizontal line separates the data according
to whether sibilants in <str> shifted towards /s/
(above) or towards /ʃ/ (below) during exposure.
Most participants lie to the right of the dashed
vertical line, that is, the sibilant in <str> was closer
to their own /s/ (than /ʃ/) at baseline. Moreover, most
of these participants lie in the top right-hand
quadrant, which indicates that sibilants in <str>
increased proximity to /s/ during exposure. On the
other hand, the two participants for which sibilants
in <str> were closer to /ʃ/ at baseline (M19, M16),
showed increased proximity to /ʃ/ during exposure.
A significant positive correlation between baseline
and exposure data (r (14) = 0.58, p < 0.05) broadly
supports the idea that baseline production targets
influence behavior during exposure to increased /s/retraction. However, results do not support the
specific prediction that individuals who resist /s/retraction at baseline should show larger shifts in the
direction [str] → [ʃtr] than those who already
produce /s/-retraction at baseline. On the contrary,
Figure 2 suggests that individuals with little
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Table 1. Mean M1 (in Hz) for the sibilant in the 11 step
gassed rat–gashed rat continuum.
1: 8022
7: 5328
2: 6897
8: 5110
3: 6538
9: 4929
4: 6192
10: 4781
5: 5871
11: 4503
6: 5582

The continuum steps were presented in randomized
order to participants who completed the experiment
on a laptop while wearing headphones. Their task
was to listen to each stimulus and choose whether it
corresponded best to gassed/gashed by clicking on
the corresponding button. The experiment was selfpaced. Following [8], the response data were
analysed by obtaining 50% gassed/gashed category
boundaries with logistic regression by fitting a
generalized linear model with Response (2 levels
‘gassed’/‘gashed’) as dependent variable, Stimulus
Number (11 levels) as a fixed factor and Participant
(16 levels) as random factor. This fitted sigmoid
curves to each listener, giving 16 category boundary
values derived from the listener-specific intercept
and slope.

3.3 Results
Figure 3. Proportion /ʃ/ responses for the gassed ratgashed rat continuum (averaged on 16 listeners); see text
for explanation of vertical lines.

The solid vertical line in Figure 3 shows the location
of the 50% category boundary (averaged over 16
participants) on the 11-step gassed rat – gashed rat
continuum. The grey dashed line indicates the
location of the sibilant in <str>-words that listeners
heard during the auditory repetition task, based on
its mean M1 of 4943.3 Hz. This sibilant lies between
steps 8 and 9 i.e. to the right of the pooled category
boundary, which indicates that most participants
would have categorized it as /ʃ/.
4. PRODUCTION AND PERCEPTION
Figure 4. By participant difference in distance ratio for
sibilants in <str>-words during exposure against
perceptual category boundary.

Figure 4 shows perceptual category boundaries
against production data from Figure 2. There is no
apparent relationship between these two variables.
That is, the location of perceptual category
boundaries on our gassed rat–gashed rat continuum
does not predict production behaviour during
exposure. Our main prediction in terms of the
relationship between perception and production was
that individuals who categorized a retracted sibilant
in <str> as /ʃ/ would be more likely to shift their
production target towards /ʃ/ than those who
categorized the same sibilant as /s/ (perhaps filtering
out coarticulatory effects). Recall from 3.3 that the
sibilant in <str>-words to which participants were
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exposed during the auditory repetition task lay
between steps 8 and 9 on the gassed rat–gashed rat
continuum. Category boundaries for all but one
participant (M19) were lower than step 8 which
suggests that they would have categorized the
sibilant as /ʃ/. As such, according to our prediction
all participants except M19 should have shown a
shift towards towards /ʃ/ during exposure (i.e. they
should lie to the left of the dashed vertical line in
Figure 4). This is evidently not the case: the majority
of the 15 participants who categorized the
ambiguous stimulus as /ʃ/ showed a shift towards /s/
during exposure.
5. GENERAL DISCUSSION
During exposure to increased /s/-retraction in <str>
there was a trend towards more anterior production
targets (Fig. 1). This result differs from results from
a similar task in which increased coarticulatory
nasalization was imitated [20]. Increased /s/retraction in <str> was sufficient for categorization
as /ʃ/ by most participants (Fig. 3), but contra
predictions in [2], this did not favour imitation. The
primary purpose of this study was to test whether
imitation of increased coarticulation depended on
individual phonetic repertoires. While there was no
evidence from perception (Fig. 4), baseline
production targets appeared to influence behaviour
during exposure - though not as predicted. Most
individuals with anterior sibilants in <str> at
baseline showed increased proximity to /s/ during
exposure, whereas individuals in which the sibilant
in <str> was closer to /ʃ/ (M16, M19) showed a
further shift towards /ʃ/. Thus increased /s/-retraction
was imitated by those individuals for whom /s/retraction already formed part of their production
repertoire. This does not support predictions in [2]
but is in line with evidence from some other
imitation studies [7, 12] and, more generally, with
the idea that slight pronunciation differences can
drive sound change (cf. also [5]). It is possible that
the perceptual salience of /s/-retraction in <str>
(given categorization as a different phoneme)
inhibited convergence, cf. [9], or that /s/-retraction
in <str> was, for some, socio-indexical and that this
influenced their behavior during exposure (e.g. [1]
for vowels). Results did not support the idea that the
earliest stages of sound change involve imitation of
highly coarticulated pronunciations by individuals
with little coarticulation in their own speech.
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ABSTRACT
In the Fort Wayne, Indiana area, speakers are
beginning to raise /aɪ/ to /ʌɪ/ preceding voiceless
consonants, similar to canonical Canadian raising.
Under consideration in this work is the relationship
between the perceptual salience of this progressing
sound change and speakers’ production of the same
novel sound. It has been posited that in sound change
situations, perception precedes production of novel
forms [1, 5]. For the speakers in the current study,
however, those who do not yet raise /aɪ/ themselves
also do not perceive words with distinctive raising in
pre-flap context as consistently as the true raisers.
These results indicate that in this situation,
individuals in the speech community who are
operating within the sound change but not
participating in it themselves do not use the raised /aɪ/
at above-chance levels to distinguish otherwise
identical words, whereas speakers who do raise use
the raised /aɪ/ in perception.
Keywords: sound change, perception-production
relationship
1. INTRODUCTION
Researchers have studied various forms of /aɪ/raising, (Canadian raising) in which /aɪ/ is raised to
/ʌɪ/ preceding voiceless consonants, throughout the
U.S. These raising processes have been described in
Philadelphia, Chicago, and in Michigan, among other
places [6, 8, 10]. Most previous work with this
process has focused on the production of /aɪ/-raising,
and only one recent study has experimentally
investigated the perceptual salience of the sound as it
exists in the northern U.S. [10].
In northeast Indiana, in and around the city of Fort
Wayne, /aɪ/ raising is currently believed to be
emerging in an incipient form. This transition from a
non-raising dialect to one with raising appears to have
been caught as it progresses. In the Fort Wayne area
dialect, some speakers produce the newer, innovative
form (/aɪ/ raised to /ʌɪ/ preceding voiceless
consonants), others produce the more conservative,
unchanged form of the sound (no /aɪ/-raising in any
context), and some produce intermediate forms in
which /aɪ/ is raised in certain pre-voiceless
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phonological environments and not in others, notably
not before underlying voiceless flaps. This mix of
production patterns within a raising dialect is as of yet
relatively unique to the Fort Wayne area, and
variation of this type has not been documented as a
characteristic of a raising dialect except for the very
first description of Canadian raising, in which there
was a “Dialect A” and a “Dialect B” found in the
speech of school-aged children in Toronto. Speakers
of Dialect A produced the word typewriter as
/tʌɪpɹʌɪɾɚ/, while speakers of Dialect B produced the
same word as /tʌɪpɹaɪɾɚ/, without raising in the
second syllable [11]. This difference in pronunciation
could indicate that while raising may have at some
point been phonetically conditioned—Dialect B
speakers raised only before the phonetically voiceless
/p/ and not before voiced /ɾ/–it eventually became a
phonologically conditioned process, exemplified by
the Dialect A speakers who also raised before
underlyingly voiceless /ɾ/. Notably, by the time that
the phenomena was written about again, thirty years
later, only Dialect A, the one with phonological
raising, was found in Toronto [4].
The most telling phonological environment to
observe the perceptual salience of /aɪ/-raising is the
pre-flap environment, for two reasons: historically, in
Toronto in 1942, it marked a distinction between the
production of two groups. It also distinguishes groups
of production patterns in the Fort Wayne area.
Additionally, other perceptual cues such as vowel
duration and final consonant voicing are essentially
neutralized. Although there are sometimes
differences in vowel length due to underlying voicing
of following vowel—i.e., that the /aɪ/ vowel in writing
is shorter than the vowel in riding—vowel length as
a perceptual cue in the pre-flap environment in
general has been experimentally confirmed to be
unreliable [9]. Therefore, it is reasonable to assume
that writing and riding are both pronounced as [ɹaɪɾɪŋ]
by speakers with no raising, and are perceptually
identical, regardless of possible differences in vowel
length. The current study will focus on the pre-flap
raisers, and the talkers with no raising.
In perception-focused sound change literature,
experimental studies have described that within a
single speaker, the relationship between production
and perception of an incipient change progresses in
one direction—speakers will be sensitive to the

perceptual cues of the novel sound before they start
to produce it themselves [1]. This assumption is
grounded in claims that in sound change situations,
talkers hear innovations around them and then adjust
their own pronunciations to resemble the
pronunciations of their interlocutors [13]. The current
study attempts to determine how an individual’s
pattern of production of /aɪ/-raising in the pre-flap
environment is related to his or her tendency to
accurately perceive /aɪ/-raising as the distinguishing
feature in otherwise identical words. In other words,
is there a consistent relationship between
participants’ production patterns and which variant(s)
of raising they can accurately perceive? Or, are
participants able to use an innovative form that they
do not produce themselves in identifying these raised
and non-raised minimal pair words?
2. METHODS
19 participants (14M, 5F) were recorded in both
private homes and semi-public spaces, using a
MacBook Pro and an Audio Technica Headset.
Participants read a word list 3 times (57 items long, a
total of 171 words); this was recorded and analysed
using Praat [3]. All words were part of a minimal pair
ending in either /t/ or /d/ and were part of a paradigm
in which the same two stems could also have -ɾɪŋ
ending. For example, one set of words was bite, bide,
biting, and biding. These were chosen as stimuli
because there were two sets of minimal pairs, and the
bisyllabic words were two-morpheme words rather
than monomorphemic. For example, the word title
was not included in analysis because it is
monomorphemic. The /aɪ/ vowels were later handannotated in Praat, and time-normalized and
measured using FormantPro [16]. Measurements
were randomly spot-checked for accuracy. These
production data were used to classify each participant
as either a pre-voiceless-flap-raiser (i.e., raising in
biting) or not; the classification of the participant was
used when considering the results of the perception
task described in the next section.
Classification of participants’ raising status was
achieved using the production data obtained in the
first task. F1 was measured in the third out of ten
intervals in the entire diphthong, or at the 30% point
of the vowel, a point of measurement that has been
used in previous work in this dialect region [2]. Other
research in /aɪ/-raising has also used the F1 maximum
measure in Hz in the vowel [7]. Close observation of
the F1 tracks of the diphthongs in the current study
show that the 30% mark of the diphthong is
sometimes the F1 maximum, but that this maximum
sometimes occurs slightly later, closer to the 40%
point in the vowel. Thus, both time points were
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considered when deciding whether the participant
was a raiser or non-raiser. A paired t-test was
performed on the first formant measurements at both
the 30% point in the vowel and at the 40% point, the
paired items being the pre-voiced- and pre-voicelessflap minimal pairs. There was no case in which the
third time point proved significantly different in the
statistical tests but the fourth time point did not.
In addition to the production task via wordlist, the
same participants completed an identification task in
which a single-word stimulus was played through the
same AudioTechnica Headset, and participants were
presented with two options, the word that was heard
and its minimal pair counterpart. Words were
displayed on-screen, controlled by PsychoPy script
[14]. Participants chose which word they heard by
pressing a key. Stimuli included 128 total words, 64
from a talker with no raising at all and 64 from a talker
with raising in /aɪ/ in all possible contexts, including
when followed by a /t/ flap. Both stimuli speakers
were female. Stimuli were naturally produced as part
of a previous study with a similar word list reading
task and were unedited. The same criteria (paired ttests between pre-voiced- and pre-voiceless-flap
minimal pairs) were used to determine the production
patterns of the stimuli talkers.
Figures in the following section were created using
ggplot2 [15].
3. RESULTS
3.1. Production Results

To categorize the participants, as described above,
data from the word list reading task were used:
participants repeated each word three times, and all
repetitions were used in analysis, providing that they
were valid productions of the intended word. For
example, many participants pronounced what was
intended to be /baɪdɪŋ/ as /bɪdɪŋ/ or /baɪndɪŋ/, which
made their tokens of both biding and biting unusable,
as they could not be compared in paired t-tests and are
not included in the average F1 values given below.
A paired, one-tailed t-test was used to determine
whether the two sets of productions (underlyingly
voiceless /t/-flap and underlyingly voiced /d/ flap)
were significantly different within each participant, in
order to classify the participant as raiser or non-raiser.
In previous acoustic research, a raised /aɪ/ vowel is
defined as a difference of 60 Hertz between the prevoiceless vowels and the pre-voiced vowels [12, 2].
Using the t-test method described above to determine
whether participants produce differences in prevoiceless formant measures and in pre-voiced
formant measures, not all participants in this study
produced an average difference of 60 Hz. Participants

were classified as raisers if the results of the paired ttest between their prevoiceless and prevoiced formant
measures proved significant (p<0.05). Both time
point 3 and time point 4 were included in this
classification, because the lowest point of the
diphthong is sometimes between time points 3 and 4.
Where time point 3 was significant while time point
4 was not, that participant was not included with the
group of raisers; this happened twice, for S07 and
S08. Otherwise, for the other 17 participants, both
time point 3 and time point 4 are either both
significant or both not. Of the 19 participants, 6 are
raisers (5M, 1F) and 13 are non-raisers (9M, 4F).
Table 1: Mean Prevoiceless and Prevoiced F1
measures, t-test results; R denotes raiser

Subject
S01 (M)

F1 mean
F1 mean
t at
prevoiced prevoiceless timepoint3
640
581
<0.01 R

S02 (M)
S03 (F)
S04 (M)

653
705
601

615
680
566

<0.01 R
<0.01 R
<0.01 R

S05 (M)
S06 (M)
S07 (M)
S08 (F)
S09 (M)

565
674
630
824
623

542
653
611
763
603

0.01 R
0.02 R
0.04
0.01
0.05

S10 (M)
S11 (F)
S12 (F)
S13 (M)
S14 (M)
S15 (M)

665
808
724
607
696
572

659
783
697
638
702
579

0.05
0.05
0.2
0.2
0.2
0.2

S16 (M)
S17 (M)
S18 (M)

649
611
592

644
603
591

0.3
0.3
0.4

S19 (F)

839

838

0.5

2.1. Perception Results

How, then, are production and perception of /aɪ/raising related within a talker/listener? The following
section will discuss how the participants, divided into
groups based on their productions from the word list
task as described above, performed on perception of
the same feature that was measured in their own
production.
In a word identification task, participants were
presented with naturally produced stimuli from one
speaker with raising in the relevant pre-voiceless-flap
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environment, providing minimal pairs contrasting by
vowel (/ɹʌɪɾɪŋ/ vs. /ɹaɪɾɪŋ/). In order to address the
unlikely possibility that participants may be able to
differentiate even non-raised, pre-flap vowels based
on vowel length that corresponds to underlying
voicing of the following flap phoneme, the vowel
lengths of different stimuli from each of the two
talkers whose speech was used to provide the stimuli
were examined. There is very little difference in
average vowel length with respect to underlying
voicing of following consonant (difference of 15 ms
for the talker without raising and difference of 17 ms
for the talker with raising), especially small when
compared to the large vowel duration differences in
the monosyllabic words due to voicing of the
following consonant (difference of 128 ms and 124
ms). So, the previous assertion that participants
cannot discern underlying voicing of a flap based on
differences in vowel length alone is further supported
in these data that were used as stimuli in the
identification task [9]. In addition to the minimal
differences in vowel length between the prevoiceless-flap stimuli and the pre-voiced-flap stimuli,
all participants performed at chance levels in response
to the flapped stimuli spoken by the talker with no
raising, as described further below, indicating that
vowel length is not a reliable cue to underlying
voicing of a following flap.
The stimuli can be described as belonging to one
of four categories, based on speaker-type and wordtype: there are two stimulus speakers, one raiser and
one non-raiser, and two types of words that each
speaker produced, monosyllabic words containing
/aɪ/ preceding /t/ or /d/, and disyllabic words
containing /aɪ/ preceding a flap. The disyllabic words,
produced by the talker with raising, were the target
stimuli. The stimuli were in four-word paradigms of
minimal pairs of monosyllabic words matched with
their corresponding disyllabic flapped words (for
example, ride, write, rider, writer). Response
accuracy for all participants was 96-98% correct for
the set of monosyllabic stimuli, as expected due to
cues of vowel length differences corresponding to
following consonant voicing, as well as the presence
of voicing cues of the final consonant itself. These
stimuli were included in the perception task to ensure
that participants were complying with the task, as
they should have been very easy to identify. It is
assumed that any error in response to the stimuli that
were monosyllabic words was not difficulty in
discerning the word, but rather a key-press error.
Responses to the disyllable set of stimuli are
considered separately, by talker, because the nonraiser stimulus talker produces no difference in these
pairs. Before the experiment, binomial distribution
tests were run to create a threshold to determine

whether correct responses were above chance or not.
This threshold came to be 68% accuracy, indicating
that response accuracies below 68% can be attributed
to chance. Expectations that responses to the flapped,
disyllabic stimuli produced by the talker without
raising would be at chance were met: the responses
were at or near chance (55% accuracy) because the
participants are forced to guess without cues to use to
distinguish the underlying voicing of the flap. This
reinforces the claim that vowel length is not a useful
cue when perceiving vowels in words preceding flaps
that are otherwise identical, as in this case, there is no
raising to use to distinguish the words either. The
talker with raising produces minimal pairs in the
disyllabic flapped words as well as in the
monosyllabic words, in which the contrasting
phoneme is the vowel rather than the voicing of the
final consonant. These are the target stimuli for which
the responses are reported below. Symbol size
reflects number of responses included in the point,
where larger symbols represent more participants
who performed at this accuracy.

Accuracy

Figure 2: Response accuracy, by stimuli type

Raiser

Nonraiser

Mean accuracy in responses to the target stimuli
showed significant differences between the two
production groups (raisers at average 73% accuracy,
non-raisers at 58% accuracy). The data were
modelled using a mixed effects logistic regression
model, predicting accuracy of participant responses in
the forced-choice word identification task regressed
on production group and difference between word
frequencies of the options presented, as well as the
interaction between the two, and including random
effects of participant. In this model, controlling for
possible effects of word frequency and the interaction
between production group and word frequency,
production group was a significant predictor of
accuracy. That is, raisers were more likely than nonraisers to respond correctly to stimuli that were
identical other than the raised/nonraised vowel, z=
2.086, p=0.03. Differences between options’ word
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frequencies as a predictor in the model was not
significant, z=-1.643, p=0.1, indicating that
participants did not choose a more frequent word
more often than a less frequent word.
A model that included word frequency of the
stimulus words as a predictor to accuracy as well as
production group did not result in better predictions
than the one that only used production group as a
predictor (χ2(2)= 3.331, p= 0.2).
4. CONCLUSIONS
This study investigated the within-speaker
relationship between production and perception of an
ongoing sound change in Fort Wayne, Indiana, where
speakers are beginning to raise /aɪ/ to /ʌɪ/ preceding
voiceless consonants. Specifically, in this paper, the
relevant phonological context of this raising is in the
underlyingly-voiceless-flap environment (ɹʌɪɾɚ),
because it is a case in which some members of the
speech community produce the novel form and raise
in the word writer and others do not. In this group of
participants, it happens that 6 of 19 are pre-voicelessflap raisers; it is unknown how this compares to the
distribution of non-pre-voiceless flap raisers in
Toronto in 1942 [11].
Here, those that raise in the pre-voiceless-flap
phonological context were here defined as raisers,
and those who do not were called non-raisers. The
raisers (6) performed significantly better than the
non-raisers (13) in the perception task, in which they
identified target stimuli that were produced by a
raiser. The target stimuli isolated the raising cue from
other possible cues, to ensure that participants were in
fact responding to the raising, and not using other
acoustic cues to identify the words. These results
indicate that in this instance, the participants from the
speech community in which the sound change is
occurring who produce the novel version themselves
do perceive it at higher rates of accuracy than the
participants from the same speech community who do
not produce it, though they are exposed to it.
Thus, the intra-speaker relationship between
production of /aɪ/-raising and perception of /aɪ/raising seems to be that speakers in the Fort Wayne
area do, at this point, only use the form that they
produce in perception of /aɪ/. Although production
results strongly suggest that this is a sound change in
progress, as there is some evidence that this type of
raising is more common among younger speakers in
the Fort Wayne area, this is an aspect of the work that
requires further development [2]. It does not seem
that speakers are able to perceive a more advanced
form than they produce, though more work is
necessary to fully support this claim.
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ABSTRACT
Earlier acoustic studies in New Zealand English
suggest that the first target of diphthongs FACE and
MOUTH may have raised in line with the
monophthong TRAP. A recent study of the
monophthongs in Auckland English indicates that
TRAP is lowering for younger speakers. In the current
study we investigate whether FACE and MOUTH have
also lowered. We present the preliminary results from
a formant analysis for over 2000 diphthongs from 40
Auckland-based speakers; 17 women and 16 men
aged between 18 and 25 and 7 older women aged
between 45 and 70. We show that whilst the first
target of MOUTH has moved in the same direction as
TRAP, this is not the case for FACE. The first target of
FACE is both fronted and raised for younger speakers
suggesting that FACE is no longer shifting in line with
TRAP. We finish discussing the extent of this sound
change.
Keywords: New Zealand English diphthongs sound
change acoustic analysis.
1. INTRODUCTION
Acoustic investigations on New Zealand English
(NZE) vowels show that they differ to their
counterparts in Northern Hemisphere varieties of
English. NZE monophthongs are characterized by
raised TRAP, DRESS, THOUGHT, NURSE and LOT, the
centralization of GOOSE and the lowered and
centralized FOOT and KIT. The monophthongs START
and STRUT are no longer qualitatively distinct and are
distinguished solely by length [1-5].
While there has been considerable research on
the NZE monophthongs [1-5], much less attention has
been given to the diphthongs. In the latter case the
focus has almost exclusively been on the merger of
the falling diphthongs NEAR and SQUARE ([1-4, 6, 7]).
The little research on the other NZE diphthongs
shows that these diphthongs also differ from other
varieties of English spoken in the Northern
Hemisphere. Of note are the raised first target in
monophthongs FACE and MOUTH [2, 8, 9]. The first
target of these diphthongs is close to NZE TRAP and
it has been tentatively suggested that these raised
diphthongs have moved in line with the raised TRAP.
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It has long been assumed that barring Southland,
there is no regional variation in NZE [10]. However,
a recent study into Auckland English has suggested
that there are regional differences within the NZE
monophthongs [11]. In that study findings show the
short front vowels DRESS and TRAP in the speech of
young Aucklanders are significantly lowered and
differ to the front vowels of older speakers in the same
city. Given the earlier finding suggesting a link
between TRAP and diphthongs FACE and MOUTH, it
seems appropriate to consider whether these
diphthongs have also lowered in line with TRAP. In
the following study we consider whether this is the
case with an acoustic analysis of FACE and MOUTH as
spoken in Auckland English.
2. METHOD
2.1 Speakers

As part of the Auckland Voices project [11,12], 33
speakers from three suburbs in Auckland (Mt
Roskill (8 women, 6 men), Papatoetoe, (6 women, 7
men) Titirangi, (3 women, 3 men)) were recorded
reading a 390 word passage. The participants were
aged between 18 and 25 years. Our speakers were
either New Zealand born or arrived in the country
under the age of seven. A further 7 older female
speakers from Titirangi (between 45-70yrs) were
also recorded, these were all New Zealand born.
2.2 Data Preparation.

Speakers’ recordings were digitised and transcribed
in ELAN [13]. WebMAUS (NZE option) [14] was
used for the automatic phonetic labelling, then
phonetic boundaries and labels were checked and
hand corrected where necessary in PRAAT [15].
PRAAT text grids were converted into the EMUwebApp [14, 16] format for formant calculation and
analysis. Formant tracks were subsequently checked
and hand corrected when necessary. Finally the first
and second formants were extracted at the vowel
targets marked according to the criteria in [2]. The
remainder of the formant analysis was done in R [17]
using EmuR [18]. Only vowels that carried phrase
stress were studied in this analysis. Over 7500

monophthongs and 4000 diphthongs were analysed.
In this study we focus on PRICE, FACE, MOUTH and
GOAT, of which there were 2088 tokens. Table 1 gives
the total number of diphthongs.
Table 1 Total number of diphthongs in the study

F1/F2 space in Bark in Figures 2 and 3 respectively.
The trajectories are superimposed over the relevant
point vowel ellipses /i:. a:, ɔ:/ for each speaker group.
The first target is marked with the Wells key word
[19] associated with the diphthong. These plots are
from [12] and are used with permission.

No. Diphthong Tokens by Suburb & Gender
Suburb

Male

Female

Papatoetoe

367

315

Mount Roskill

272

418

Titirangi

153

154

Titirangi - Older

409

2.3. Data transformation

We combined the female and male data, using the
data transformation process outlined in [11]. This
involves using a simple translation, rotation and
stretching of the formant plane of one gender to the
other so that the three point vowels /i:. a:, ɔ:/ match.
The transformation is done using
!

(a)

(1)

where (M1, M2) are the original male formant values,
and ( ! , 2 ) are the transformed male values
converted to be typical for a female speaker, and μ1,
μ2, A11; A12; A21; A22 are the set of six numerical
constants that enable the transformation.
Figure 1 shows the male and female
monophthong data, untransformed, and transformed.
In this case we transformed the male data to the
female space, the female data remains unchanged. It
can be seen that the centroids of the point vowels in
Figure 1 (a) do not match (black for men, green for
women), but in Figure 1 (b) they do. Six constants are
generated in the monophthong space transformation
process. In the diphthong analysis the first and second
targets of the male speakers are transformed in the
female space using (1) and the same set of numerical
constants obtained from the monophthong analysis.
3. RESULTS
3.1 Diphthong mean Target values and Trajectories.

Diphthong trajectories for all diphthong data were
acquired by extracting the tracks of the first and
second formants (F1 and F2) between the first and
second target times. The trajectories were then time
normalized, and then averaged for each phonetic
label. The averaged formant trajectories for the older
female speakers from Titirangi and for the young
female speakers from Papatoetoe are plotted on an
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(b)
Figure 1: The (a) untransformed and (b) transformed formant
data. The male data is transformed to the female space.

The diphthong trajectories from the older women
in Titirangi (Figure 2) are characteristic of NZE, and
are very similar to those found in [2]. The first and
second targets are also very similar to those found for
young bilingual Māori speakers of NZE [20]. The
first target of PRICE is also lowered and retracted,
which is standard for NZE. The first targets of FACE
and MOUTH are close to each other and finally, the
first target of GOAT is lowered as is common in
Southern Hemisphere dialects.
The diphthong trajectories of the young female
Papatoetoe speakers (Figure 3) differ from the older
cohort. It can be seen that the first target of FACE is
raised, as is the entire diphthong. The first target of

is also raised, and PRICE is fronted. The entire
diphthong trajectory of MOUTH appears to have
backed. These findings could be seen for all the
young speakers, however due to space limitation we
are only showing the diphthong trajectories for the
young Papatoetoe females.

GOAT

speakers are significant we performed statistical
analysis on the formant values at the vowel targets.
Table 2 gives the mean formant values given in Bark
for the first and second targets for each diphthong for
the four speaker groups. The mean is calculated from
all the women speakers and the transformed men
speaker. Similar observations to those made from the
visual inspections of the trajectories can be made
from these means: such as the raised first target of
FACE and GOAT for the young speakers, the fronted
first target of PRICE.
Table 2: Mean values of F1 and F2 given in Bark at the first and
second target (T1 and T2) for PRICE, FACE, MOUTH, and GOAT for
Mount Roskill (Mt R) Papatoetoe (Papa), Young Titirangi ( Ti Y)
and Old Titirangi (Ti O).

Vowel
PRICE

FACE

Figure 2: The time normalized average trajectory of diphthongs
for older Titirangi female speakers. Formant tracks are extracted
between the first and second target and superimposed over the
relevant point vowel ellipses. Plot from [12], used with
permission.

Figure 3: The time normalized average trajectory of diphthongs
for the young Papatoetoe female speakers. Formant tracks are
extracted between the first and second target, and
superimposed over the relevant point vowel ellipses. Plot from
[12], used with permission.

3.2 Statistical Analysis

To investigate whether the differences observed
between the diphthongs of the young and older
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MOUTH

GOAT

Group
Mt R.
Papa.
Ti. Y
Ti O
Mt R.
Papa.
Ti. Y
Ti O
Mt R.
Papa.
Ti. Y
Ti O
Mt R.
Papa.
Ti. Y
Ti O

T1F1
6.77
6.77
6.54
6.42
5.34
5.68
5.48
6.02
6.32
6.40
5.84
5.76
5.46
5.77
5.42
5.91

T2F2
9.99
9.76
9.67
9.42
11.68
11.32
11.41
10.87
11.16
10.80
10.96
11.30
9.44
9.53
9.24
9.85

T2F1
5.36
5.42
5.39
5.28
4.49
4.72
4.61
4.42
6.19
6.24
5.83
5.80
4.18
4.41
4.22
4.21

T2TF
11.31
11.15
11.08
10.87
12.24
12.03
11.85
11.86
9.29
9.09
9.06
9.69
9.90
10.06
9.78
10.70

For the statistical analysis we modelled F1 and F2
values simultaneously in the 2-D formant space. This
allows for increased statistical power in which
changes in any direction in the plane can be detected.
For each target and diphthong we built three linear
mixed effects models for observations of F1 and F2.
Each model had speaker as a random effect and the
fixed effects investigated were type (F1, F2), sex
(female. male) and group (Young Titirangi, Old
Titirangi, Young Mount Roskill, Young Papatoetoe).
All statistical analysis was performed in R [17], the
linear mixed effect models were calculated using the
lme() function in the nlme package [21] and the
comparison between models was done using the
anova() function implemented in the nlme
package. The null model had type as the fixed effect.
It is still possible to find significant differences
between the female and male speakers regardless of
the transformation of the male formant data. However
in this situation there was no significant difference, so
the remainder of the study focuses on group effects.
Although not ideal we conflated suburb and age

effects, because we only had one group of older
speakers. The statistical analysis found that there
were significant differences between the null model
and the model with fixed effects of type and group for
the first target of FACE and MOUTH, and the second
target of MOUTH, see Table 3. Despite the suggestions
from the visual inspections, there were no significant
findings for PRICE and GOAT.
Table 3: Significant differences when null model is compared to
model with fixed effect of type and group.
Target

Vowel

T1

FACE
MOUTH
MOUTH

T2

Degrees
of
Freedom
2
2
2

AIC
Log
Difference Likelihood
Value
9.7
-1243.370
3.9
-895.1300
2.4
-968.9283

P
Value
p<0.01
p<0.01
p<0.05

Using a post-hoc t-test we found that for the first
target of FACE the older speakers’ F1 was
significantly higher than each group of younger
speakers (p<0.05) and the older speakers’ F2 was
significantly lower (p<0.05) than each group of
young speakers. For the first target of MOUTH the
older speaker’s F1 was significantly lower than for
the young speakers from Mount Roskill and
Papatoetoe (p<0.05), and the older speaker’s F2 was
higher than for the young speakers from Mount
Roskill and Papatoetoe (p<0.05). For the second
target of MOUTH the F2 for older speakers was
significantly higher than for the young speakers from
Mount Roskill and Papatoetoe (p<0.05).The Titirangi
young speakers followed the same trend as the young
Mouth Roskill and Papatoetoe speakers for both T1
and T2, however their results were not significantly
different to those for their elders.
4. DISCUSSION
Young Auckland speakers in our database seem to be
rejecting some typical NZE diphthong realizations.
Our findings show that for these speakers the first
target of MOUTH has significantly lowered and backed
in a similar fashion to TRAP. By contrast, the first
target for FACE has fronted and raised for the same
speakers. A correlation analysis shows that the
movements of TRAP and the first target of MOUTH are
significantly correlated (r=0.342, p<0.05), but there is
no correlation with the movement of TRAP and the first
target of FACE. It would then seem that for our young
Auckland speakers FACE is no longer caught up in the
short front vowel shift, and their FACE is considerably
more raised than the young NZE speakers in [20].
For all young speakers FACE is raised to some
extent and its trajectory is shortened. While these
changes may no longer be in line with the front vowel
system, there appears to be a link with other
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diphthongal shifts. Though not significant, we note a
fronting of PRICE and raising of the first target of
GOAT. For young speakers from Mount Roskill, and
Papatoetoe MOUTH, is lowered and retracted
compared with the older speakers. In contrast to FACE
the movement of MOUTH is in line with TRAP.
What is motivating these changes in the
diphthongs? If these changes are indeed part of a
system, what might the process of change be?
Evidence from Auckland Voices speakers, suggests
diphthong shifting may have started with PRICE.
Despite the movement of FACE being the most
obvious change, PRICE is consistently fronted for all
young speakers whereas this diphthong, by contrast,
is always retracted for the older cohort. A retracted
PRICE would be in line with findings from other
studies on NZ English speakers [1-3].
It unclear what may cause PRICE to front. One
possibility is the influence of other English dialects
through social media and travel. Varieties such as
General American English have both raised variants
of the FACE diphthong and fronted variants of PRICE
[19]. A more American colouring may reflect a more
global outlook for young speakers similar to that
suggested for young Capetonian speakers of South
African English [22]. Or the move towards a more
global English could be due to a conscious move
away from commonly stigmatized pronunciations of
NZE diphthongs such as MOUTH [10].
Another factor to consider would be the contact
with newer English or L2 English varieties. Of note
here is the fact that the young speakers who have
spearheaded these diphthongal changes reside in
ethnically diverse suburbs where a variety of English
with fronted PRICE and a raised and often
monophthongal variants for FACE is spoken (Indian
English) [23]. A scenario where the desire to
communicate between speakers of different varieties
of English can lead to dialect contact and levelling has
been found in other studies on English spoken in
multi-diverse communities in urban centres. Similar
diphthongal changes are reported in London English
where the young non-Anglo speakers of English are
having an impact on the variety of English spoken in
the metropolis [24].
It is not clear at this stage whether just one or a
combination of these factors has an impact on the
changing face of Auckland English. At present, our
results are preliminary and future planned acoustic
and perceptual studies will deepen our understanding.
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ABSTRACT
Previous studies have reported that some North
Korean and South Korean vowels have undergone
changes in different directions after decades of
relative isolation. This paper presents a pilot study
concentrating on three such pairs of vowels ([ɯ]-[u],
[ʌ]-[o], and [e]-[æ]), with a particular interest in
examining language standards in each variety by
comparing newscasters and regular speakers from
each country. Acoustic analyses of vowel spaces
confirmed some North-South differences, and a
perception test verified that North Korean [ʌ] and [o]
are highly confusable to South Korean speakers.
Noteworthy in the data, North Korean regular
speakers who now reside in South Korea showed
some vowel patterns that were different from both
North Korean newscasters and South Korean speech.
Keywords: North Korean phonetics, vowel analyses,
second dialect acquisition, sound change
1. INTRODUCTION
North Korean and South Korean are mutually
intelligible varieties of Korean that have diverged
along several dimensions since the separation of the
two countries in 1957. Due to this long period of
isolation, and different language policies, major
lexical, morphological, phonological, and phonetic
differences have been reported between the two
varieties. For example, [e] and [æ] are now
considered to have merged to a single category ([ɛ])
in South Korean [3, 12], but this merger has not been
reported for North Korean. Meanwhile, in North
Korea the back vowel [ɯ] has been reported to have
merged to [u] [4, 5], and [ʌ] and [o] are reported to
have merged in North Korean [4, 5], or possibly to
have reversed height positions [6], compared to South
Korean.
Owing to the difficulty in communication
between North Koreans and those outside the
country, these North Korean vowel patterns have
been measured from the speech of speakers living in
South Korea (North Korean defectors) [4, 5, 6]. It is
still unclear whether these reported vowel mergers
([ɯ] and [u], [ʌ] and [o]) and non-mergers ([e] and

3215

[æ]) represent patterns in North Korean speech, or
something specific to North Korean defectors’
speech. Further, how a North Korean standard
language ideology would evaluate the status of these
sound changes is unknown. It may be that predivision language norms are highly esteemed, or that
North Korean innovations hold prestige. In the 1960s,
the North Korean regime decreed the speech of
working class Pyongyang speakers to be the “cultured
language” [9], but the current status of North Korean
language ideology, particularly around more recent
vowel changes, is unclear. As a way of investigating
what may approximate standard North Korean
language, we have examined samples of newscasters'
speech available online. We also collected South
Korean newscasters’ speech to compare standard
language of the two countries. We further examined
speech samples from regular North Korean speakers
(defectors) and South Korean speakers to examine the
extent to which newscasters and regular speakers
from each country are aligned in their vowel patterns.
Vowel formants (F1 and F2) were measured in
speech samples from four groups of speakers
(newscasters and “regular” speakers from North and
South Korea), and analyses focused on 3 contrasts:
[ɯ] vs. [u], [ʌ] vs. [o], and [e] vs. [æ]. A perception
study was also conducted to further examine one of
the reported North Korean mergers, between [ʌ] and
[o], to see whether those two North Korean vowels
are indeed confusable to South Korean listeners.
2. VOWEL PRODUCTION STUDY
2.1. Methodology

2.1.1. Speakers and speech samples
Speech samples were collected from nine speakers
(Table 1). North and South Korean newscasters’
speech was extracted from YouTube videos [1, 2, 11,
13]. Samples for all newscasters were selected to have
the same topic, each reporting on events of the 2018
Winter Olympics held in Pyeong-chang, South
Korea. The extracted samples were between 70 and
120 sec.
Samples for the “regular” speaker group came
from 5 speakers’ reading productions of the “North
Wind and the Sun” passage and short lists of isolated
words from [8]. Three North Korean speakers were

defectors living in South Korea. Of the three, the 2
female speakers were recent arrivals (6 months), and
the male had lived in South Korea for about 30 years
at the time of recording. These speakers were
recorded in Seoul, Korea, in a sound booth using a
flash digital recorder (Marantz PMD 670) and a
microphone (Zoom H1) at a sampling rate of 44 kHz
and 16-bit quantization. The male South Korean
regular speech was from the male recording provided
on [8] (recorded after several years away from South
Korea), and the female speech came from a South
Korean speaker recruited in the US recorded using the
same equipment as the North Korean defectors
(length of residence 2 months in US).
Table 1: Speakers.
Country
North

Speaker type
Newscaster

Gender
F
M
F
F
M
F
M
F
M

Regular

South

Newscaster
Regular

Age
60
46
38
37
50
45
60
38
47

In order to explore the degree of vowel category
mergers, group-wide Pillai statistics, a standard
measure of vowel merger [10] were calculated for
each of the three vowel pairs of interest. Lower values
of Pillai indicate a higher degree of merger, and
higher values indicate more distinction. Because of
the low number of speakers per group, statistical
testing on speaker-level Pillai is not possible. Thus,
we give group-level Pillai scores here as an indication
of the overall trends. With that caveat in mind, the
numerical trends in Pillai in this study, shown in
Table 3, do follow predictions from prior work, with
North Koreans indeed showing more merger (lower
Pillai) of [ɯ] and [u], and [ʌ] and [o], than South
Koreans [4, 5], and South Koreans showing more
merger of [e] and [æ] than North Koreans [3, 12].
However, we also note that newscasters and regular
speakers did not always pattern together within
countries.

2.1.2. Tokens
Tokens of eight Korean vowels, [i], [e], [æ], [ɯ],
[u], [ʌ], [o], [a], were segmented (Table 2) and their
first and second formants (F1 and F2) were
measured at the mid-point. The analysis here
focuses on vowel contrasts of [ɯ]-[u], [ʌ]-[o], and
[e]-[æ]. Raw F1 and F2 values were normalized
using the Lobanov normalization method in the R
Vowels package [7] in order to compare across
speaker genders.
Table 2: Token counts.
Vowels
[i]
[e]
35
20

[æ]
24

[ɯ]
40

[u]
22

[ʌ]
41

[o]
63

[a]
38

Total
283

M

25

5

11

15

12

15

15

13

111

F

134

59

40

113

92

121

58

235

852

M

80

28

19

42

34

47

28

76

354

F

55

24

28

46

22

29

40

71

315

M

39

22

27

32

10

35

24

52

241

F

75

31

17

41

45

49

28

89

375

M

24

11

7

15

17

18

11

27

130

467

200

173

344

254

355

267

601

2661

Speaker
type
NN
F
NR

SN
NR

Total

Figure 1: Vowel production results. Ellipses = 1 SD for
each vowel category.
Table 3: Pillai statistics by country and speaker type
Country

Speaker Type

Regular
Newscaster
Total
Regular
NK
Newscaster
Total
Which country more merged?
SK

NN = North Korean newscasters, NR = North Korean regular speakers,
SN = South Korean newscasters, SR = South Korean regular speakers

[ɯ]-[u]
Pillai
0.674
0.206
0.440
0.401
0.294
0.348
NK

[ʌ]-[o]
Pillai
0.717
0.255
0.486
0.348
0.118
0.233
NK

[e]-[æ]
Pillai
0.009
0.050
0.029
0.252
0.065
0.158
SK

2.2.2. Analysis of F1 and F2

2.2. Results

Figure 1 presents the normalized F1 and F2 of the
eight vowels for each speaker group.
2.2.1. Analysis of category merger
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In order to understand the more fine-grained
patterning of vowel height and backness dimensions
separately for these speakers, normalized F1 and F2
of the vowel pairs of interest (i.e., [ɯ]-[u], [ʌ]-[o],
and [e]-[æ]) were analyzed using linear mixed effect
models with vowel, country, and speaker type

(SpkrType, newscaster vs. regular) as fixed effects
and item as a random effect.
Here we report results involving the factor
Vowel, which can indicate separation or nonseparation of each vowel pair. Pillai statistics reported
in Section 3.1 showed numerically more merger of
[ɯ] and [u] for North Korean than South Korean
speakers, supporting prior work [4, 5]. In these
models of F1 and F2, however, country was not a
significant predictor of [ɯ] and [u]. Rather, a
significant main effect of vowel suggests that the F1
and F2 of the two vowels were statistically separate,
across country (B = 0.374, t = 4.156, p < 0.0001 for
F1, B = 0.842, t = 6.850, p < 0.0001 for F2). Thus,
despite the trend in Pillai indicating more merger for
North Korean speakers, [ɯ] and [u] were statistically
distinct across speakers in terms of F1 and F2.
For [ʌ] and [o], Pillai statistics also showed more
merger in North Korean than South Korean speakers.
The F1 and F2 results for [ʌ]-[o] present a complex
picture. For F1, there was a statistically significant
Vowel x Country x SpkrType interaction (B = -0.698,
t = -4.799, p < 0.0001). Post-hoc tests exploring the
interaction found that whereas North Korean
newscasters did not separate [ʌ] and [o] in terms of
height, North Korean regular speakers separated them
by producing [ʌ] higher than [o], and South Korean
speakers, regardless of speaker types, separated them
by producing [ʌ] lower than [o] (p < 0.001 for both).
For F2, we found a statistically significant Vowel x
SpkrType interaction (B = 0.180, t = 2.010, p =
0.045). Post-hoc tests indicated that both newscasters
and regular speakers across country separated [ʌ] and
[o] in terms backness (p < 0.0001 for both speaker
types), but newscasters showed a greater degree of
separation. These results are generally consistent with
prior findings that [ʌ] and [o] show an inverse
relationship in height between North and South
Korean [6]. Our North Korean newscasters did not
statistically follow this pattern, showing that the two
vowels are not distinct in terms of height (F1).
Further, it is noteworthy that North Korean regular
speakers (defectors living in South Korea) produce
these vowels in a manner different from both North
Korean newscasters and South Koreans. In general,
these results also support the idea that the height
dimension is indeed more at work in differentiating
between countries for these two vowels.
Finally, for [e] and [æ] our Pillai results were
consistent with prior work reporting merger in South
Korea [3, 12]. However, for F1 and F2 models, we
found that these two vowels were not statistically
separate either by F1 or F2 for any speaker groups.
For all the speakers in this sample, it appears that [e]
and [æ] are close together, though the vowel plots in
Figure 1 and Pillai statistics suggest that the degree of
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overlap between [e] and [æ] in North Korean speakers
is indeed less.
3. VOWEL PERCEPTION STUDY
To investigate the perceptual consequence of the
reported merger of [ʌ] and [o] in North Korean (and
the complex pattern of [ʌ] and [o] across North and
South Korean speakers in our production results), we
tested whether South Korean listeners could identify
these vowels produced by North Korean newscasters
and North Korean regular speakers (defectors).
3.1. Methodology

3.1.1. Listeners and experiment conditions
Twenty native South Korean listeners participated.
All were residing in the U.S. at the time of testing.
Twelve listeners (5 female, mean age = 32) were
instructed simply that they would hear syllables and
that their task was to identify which vowel they heard
(Not-Informed Condition). Eight listeners (5 female,
mean age = 31) were given the same instructions and
were additionally informed that the speech came from
North Korean speakers (Informed Condition). A posttest debriefing survey revealed that participants were
unfamiliar with North Korean speech, and with
differences between South Korean and North Korean.
3.1.2. Stimuli and task
In addition to the vowels of interest, [ʌ] and [o], the
vowel [a] served as a filler that should be easy for
South Korean speakers to identify. To collect vowel
tokens for use as perception stimuli, CV syllables that
included the vowels [a], [ʌ], and [o] (78, 81, 61 tokens
respectively) were identified in the North Korean
speech samples (see Section 1.2) and extracted. The
preceding consonant in the CV frame was [p], [t], or
[s]. This resulted in 220 stimuli in total. The stimuli
were amplitude normalized to 75dB using Praat.
The perception test was administered to
participants individually in a sound booth. Seated in
front of a computer, listeners heard an auditory
presentation of a syllable through headphones, and
were asked to indicate which vowel they heard in the
syllable. The response choices–boxes containing [a],
[ʌ], and [o] written in Korean orthography–appeared
on the computer screen at each trial, and listeners
indicated their response choice by using a mouse to
click the box corresponding to the vowel they just
heard. Listeners were allowed to listen to the stimulus
syllable up to 7 times.
3.2. Results

The perception study investigated one of the reported
North Korean mergers, between [ʌ] and [o], to see

whether South Korean listeners can accurately
identify between the two vowels. Descriptive
statistics are presented in Table 4 for the Notinformed condition (given no information about the
speakers) and Table 5 for Informed condition (told
the speakers were North Korean). In general, [a] was
easy to identify across the conditions (92% correct
and 81% correct), [o] was harder to identify (69% and
73%), and [ʌ] was hardest to identify (18% and 19%).
Response data were analyzed using a mixed effect
logistic regression model with stimulus vowel ([o] as
the reference) and condition (Informed as the
reference) as the fixed effects, and item as a random
effect.
Table 4: Perception results for not informed
condition
Stimulus
Response
[a]
[ʌ]
[o]

[a]

[ʌ]

[o]

862 (92%)
3
4

70
175 (18%)
223

4
794
505 (69%)

Table 5: Perception results for informed condition
Stimulus
Response

[a]

[ʌ]

[o]

[a]
[ʌ]
[o]

503 (81%)
12
4

103
125 (19%)
128

18
511
356 (73%)

The results confirmed that correct identification of [ʌ]
was lower than that of [o] (B = -2.440, z = -17.029, p
< 0.0001), which in turn was lower than that of [a] (B
= 0.435, z = 3.021, p = 0.003). Indeed, North Korean
[ʌ] and [o] were confusable for South Korean
listeners. Interestingly, we found a Condition x [a]
interaction (b = 0.225, z = 5.992, p < 0.001). This
indicates that listeners in the Informed condition were
less accurate than listeners in the Not-informed
condition at identifying North Korean [a]. Although
[a] was included as a filler, predicted to be easy to
identify and thus not of central interest, the significant
interaction with condition reveals something about
participants’ approach to the task: South Korean
listeners may have been less certain in their decisions
when they were warned that they would be
responding to unfamiliar North Korean speech
compared to when no such warning was provided.
4. DISCUSSION
The current study investigated three vowel contrasts,
namely, [ɯ]-[u], [ʌ]-[o], and [e]-[æ], in North Korean
and South Korean speech provided by newscasters
and regular speakers.
As for the production results, although [ɯ]-[u]
did show higher degree of merger for North Korean
speech than for South Korean speech, F1 and F2 did
not statistically overlap across these vowel categories,
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and this separation was the same across countries.
These results raise a question regarding the status of
reported [ɯ] and [u] merger [4, 5]. More production
data is needed to examine [ɯ] and [u] in more detail.
It will also be critical to conduct perception studies to
determine the extent to which North Korean [ɯ] and
[u] are perceptually confusable.
As for [ʌ]-[o], the production study revealed
subtle differences in vowel height between North and
South Korean, yet the perception study indicated that
South Koreans found North Korean productions of
these vowels highly confusable. Both North Korean
newscasters and defectors produced [ʌ] higher than
[o] (numerically), the opposite of the South Korean
pattern, confirming the prior report [6]. However, our
results revealed differences between North Korean
newscasters (standard speakers) and defectors:
newscasters showed a stronger degree of merger
between [ʌ] and [o] than the defectors. These results
suggest that more work in production and perception
should be done to determine the best way to
characterize these vowels across the two varieties, as
a height reversal or a merger.
The [e] and [æ] merger has been well documented
for South Korean [3, 12], and our data confirmed that
the two vowels are quite close for all speakers.
Although a potential [e]-[æ] merger in North Korean
has attracted relatively little attention, in these data,
the degree of [e]-[æ] overlap is stronger than that of
[ʌ]-[o].
These results, particularly that of [ʌ]-[o], indicate
the importance of using different types of speech
samples when attempting to characterize North
Korean speech. In particular, the speech of North
Korean defectors is hard to interpret, having only
speech from North Korean newscasters and South
Korean speakers to serve as comparisons. Future
research is needed to investigate whether North
Korean defectors’ patterns indicate a dissociation in
stance from either speaker group as a form of identity
marking, or an early stage in a process of second
dialect acquisition. Future research incorporating a
larger sample of speakers will help address these
issues.
Although these results add data to a body of work
attempting to characterize vowel variation and
change in this interesting dialect situation, more work
is needed to better understand the linguistic and social
patterns observed. More studies of production,
including other cues like duration, coupled with
perceptual studies testing both North and South
Korean listeners, will be informative.
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ABSTRACT
This study investigated the perceptual confusion of
five non-front vowels /a ʌ o u ɨ/ in Seoul Korean to
examine on-going sound changes of /o/-raising. We
conducted 5AFC experiments with 25 young adults
speaking Seoul Korean in their 20s and 15 older
adults above 60s. Auditory stimuli were CV syllables
excised from ten young adult female speakers’ natural
word productions and were presented to the listeners
with and without a babbling-noise (+10 SNR). The
results revealed generation differences in the
accuracy of /u/ identifications where old listeners
misheard /u/ for /o/ or /ɨ/ more often than young
listeners. In the presence of noise, perceptual
confusion existed across the five vowels in a chainlike manner by mishearing the vowels for the next
higher or adjacent fronter ones. Regression models
predicting accuracies based on stimulus acoustics
support that the sound change is not confined to /o/raising but extended to shifts of /u/ and /ɨ/.
Keywords: sound change, Korean vowel shift, vowel
identification, generational difference, vowel raising
1. INTRODUCTION
Production studies for the past decade have reported
a sound change of a /o/-raising in Seoul Korean and a
subsequent overlap of /o/ with /u/ along the F1
dimension in the acoustic vowel space [4, 5, 16, 19].
That is, the high-back corner of the edges in the vowel
space is not occupied by /u/ any more in Seoul Korean
but by /o/, which is different from what the acoustic
studies in 1990s have documented e.g., [3, 20]. The
earliest studies of a sound change further revealed
that the tendency was more consistent in females’
productions than males’, more common in younger
speakers’ productions than older speakers’ and more
word-medially than word-initially [4, 5]. Regarding
the /o/-raising, there can be several proposals of how
widely it would affect the rest of the vowels in the
system. Locally, one can view the impact of a /o/raising exclusively effective on the adjacent vowel /u/
as aforementioned studies referred to the change as a
merger [4, 5, 16, 19]. More globally, others can
predict that the /o/-raising can affect multiple vowels
by pushing and dragging the vowels in the system [2,
9, 10, 11, 14, 15].
The latter proposal of comprehensive shift is
supported by recent studies examining speech corpus.
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[11] examined F1 and F2 of the monophthongs from
30 Seoul speakers aged from teens to 40s using Seoul
Corpus [22]. Findings showed that while the F1s of
the /o/ vowels were as low as those of the /u/ vowels,
the F2 dimension effectively differentiated /o/ from
/u/. Moreover, the distance between /ɨ/ and /u/ along
the F2 dimension was smaller, as the speakers were
younger. Similarly, [10] showed that not just /u/ but
/ɨ/ is articulated at more front locations as the speakers
are younger based on the spontaneous speech corpus
recording Seoul speakers born in from 1930s to
1980s. Together, observations imply a push of /u/ and
/ɨ/ toward anterior positions, rendering the prediction
of global vowel shifts more convincing than the
account of a local merger of /o/-/u/.
Above all, perceptual evidence of distinctive
vowels serves as a crucial argument of favoring a
global influence over a local effect of /o/-raising in
Seoul Korean, because a merger would presuppose a
waning contrast between the target vowels. While
perception studies of Korean vowels scarcely exist,
evidence appears to point to a distinctive perceptual
identity of /o/ and /u/. For example, [7] showed that
Korean college students were able to identify /o/ and
/u/ contrastively with high accuracy rates. [21] also
found that F2 played an effective role in young adults’
differentiating /o/ from /u/, whereas F1 did not.
Given that none of the existing studies explored
global patterns of vowel identifications covering the
vowels besides /o/ and /u/, the present research aims
to fill this gap by depicting perceptual confusions
among the five non-front vowels /a ʌ o u ɨ/ in Seoul
Korean. We explore whether perceptual confusions
are limited locally to the vowels /o/ and /u/ or they
prevail globally across the other non-front vowels /ʌ
u ɨ/. For this goal, two variables of listening
conditions were considered in the perception
experimental design: Age of the listeners and noise in
the signal. The cross-sectional investigation of
comparing young (in their 20s) and old (above 60s)
listeners’ confusions would reveal whether new
acoustic properties of /o/ and other non-front vowels
present in audio stimuli produced by young speakers
are sufficiently different from traditional old forms of
vowel acoustics rooted in old listeners’
representations (e.g., [6, 8, 13]). The noise variable
was deliberately devised to add a difficulty to the
perception task. Meaningful differences of
identification patterns between sessions with and
without noise would reflect unstable representations

of the vowels, which are attributable to the on-going
sound change.
2. PERCEPTION EXPERIMENT
2.1. Methods
2.1.1. Stimuli

The auditory stimulus sets were prepared by
recording ten Seoul Korean female speakers in their
early 20s. As a subset of larger production study [12],
the speakers were selected based on the acoustical
properties of /u/ and /o/ vowels, making sure that
speakers with a range of /o/-/u/ distance were
included in the final set of talkers. From their word
productions, the word-final syllables of /CV/ (C=
alveolar stops /t th t’/; V= five non-front vowels /a ʌ o
u ɨ/) were excised to be presented to the listeners,
yielding 15 tokens from each speaker (see Fig. 1 for
the averaged vowel acoustics in ERB). These multitalker 150 syllables (15 CVs × 10 talkers) were used
in the two experimental blocks: (1) no-noise and (2)
noise conditions. The original 150 stimulus tokens
were presented in the no-noise condition block, while
in the noise condition block, the set of 150 stimuli
were combined with babbling noise at the +10dB
signal-to-noise ratio for energetic masking.

14

Figure 1: Distributions of the stimulus tokens
averaged across individual speakers (ix=/ɨ/, u=/u/,
o=/o/, eo=/ʌ/, a=/a/).
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2.1.3. Analysis

Response category accuracies of 5AFC task were
calculated across three experimental conditions
(OLD-No-NOISE, YOUNG-No-NOISE, and YOUNGNOISE) to examine the degrees and directions of
perceptual confusion between adjacent vowel
categories based on confusion matrices.
In order to investigate the role of acoustic
parameters (F1 and F2) in identifying the vowel
categories, logistic mixed-effects regression models
(using lme4 package in R platform [1, 18]) were
constructed with each of four response category pairs
(two adjacent vowels) as a dependent variable: /o/-/u/,
/ɨ/-/u/, /o/-/ʌ/, and /ʌ/-/a/. Fixed effect variables were
the acoustic parameters of F1 and F2 of the vowels
with a random intercept and random slopes of the
parameters varying at the listener level. In addition,
the experimental conditions were entered as
interaction terms with F1 and F2 to assess the effects
of age (AGE model: OLD-No-NOISE vs. YOUNG-NoNOISE) and listening condition (NOISE model:
YOUNG-No-NOISE vs. YOUNG-NOISE).

o

2.2. Results

22

20

F1 (ERB)
18
16

ix ixix
ix
ix ix
ix
ix ix
ix

the NOISE block due to a difficulty of detecting
signals from a babbling noise. Due to this age-related
hearing loss problem, the NOISE block was either not
given to the listeners or excluded from the analysis.
In the task, the participants were asked to identify the
vowel categories upon hearing the CV stimulus over
headphones by mouse-clicking one of the five given
vowel categories on the monitor. The response vowel
categories were displayed in Hangul. The tokens were
presented in a randomized order and the two blocks
of listening conditions were counter-balanced across
the participants of young listeners. It took less than 30
minutes to complete the both sessions.

12

2.1.2. Participants and tasks

25 college students (aged 20-30) and 15 seniors (aged
above 60) of Seoul Korean participated in the
perception study for a monetary compensation. The
young listeners were asked to perform the fivealternative forced-choice (5AFC) task blocked by two
noise conditions (NOISE and No-NOISE) programmed
in E-prime 2 software [17]. While none of the
participants reported any diagnosed hearing
problems, some older listeners gave up completing
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The categorical responses for each of five target
vowels were counted to create confusion matrices
according to the listening conditions (OLD-NoNOISE, YOUNG-No-NOISE, and YOUNG-NOISE) as in
Table 1. While overall accuracy rates were relatively
high across the listening conditions, the accuracies
were lower in the conditions of YOUNG-NOISE
(78.2%), OLD-No-NOISE (88%) and YOUNG-NoNOISE (94.1%), in that order. Examined by vowel
types, the vowels [a] and [u] had the two lowest
accuracies in the No-NOISE conditions: YOUNG:
90.6%, and 91.8%; OLD: 85.5%, and 70.8%,
respectively. In the NOISE condition, the vowel
accuracies ranged from 85% (for [u]) to 72.9% (for
[a]).
Fig. 2 visualizes the target-response mapping in
each listening session, revealing that the responses
were mapped to the targets most of the time as
illustrated by thick grey arrows and that it was the

target [a] that was misheard the most by the listeners
across conditions as indicated by the thickest black
arrows pointing to [ʌ]. In the YOUNG-NOISE
condition, confusion among vowels was sequentially
unidirectional. For one, while [a] was often mistaken
as [ʌ], it was [o] that [ʌ] was often misheard as. The
directions of sequential confusion were consistent in
a way that the target non-high vowels were often
misheard as the next higher vowels (i.e., [a] as [ʌ], [ʌ]
as [o], and [o] as [u]). Unlike the other vowels in the
NOISE condition, the vowel [u] was involved in
reciprocal confusion with [o] and [ɨ] in that [u] could
be confused with [o] or [ɨ] with each other. In the
OLD-No-NOISE condition, old listeners were least
accurate in identifying the target [u] by perceiving [u]
as either [ɨ] or [o].
Table 1: Confusion matrices of five non-front
vowels in Seoul Korean separated by the three
listening conditions.

[a]
[ʌ]
[ɨ]
[o]
[u]
[a]
[ʌ]
[ɨ]
[o]
[u]
[a]
[ʌ]
[ɨ]
[o]
[u]

“a”
“ʌ”
“ɨ”
“o”
(a) YOUNG-No-NOISE
680
66
3
0
12
719
0
18
0
1
720
2
1
4
4
712
0
1
20
31
(b) YOUNG-NOISE
574 125
24
22
11
595
14
118
1
3
547
74
2
1
32
580
2
1
40
69
(c) OLD-No-NOISE
385
62
2
1
9
430
4
7
0
8
423
1
1
11
5
423
0
3
80
48

“u”

total

1
1
27
29
698

750
750
750
750
750

5
12
125
135
638

750
750
750
750
750

0
0
18
10
319

450
450
450
450
450

Table 2: Parameter estimations of the logistic
mixed effects regression models. Reference levels
were YOUNG and No-NOISE in (a) and (b),
respectively. Bold indicates p<.05.
(a) AGE
intercept
F1
F2
Age
F1×Age
F2×Age
(b) NOISE
intercept
F1
F2
Noise
F1×Noise
F2×Noise

Figure 2: The mappings between target and
response vowel categories separated by three
conditions. Thickness indicates the quantity of the
responses (ix=/ɨ/, u=/u/, o=/o/, eo=/ʌ/, a=/a/).
No-Noise: Young

Noise: Young
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ix

ix

ix
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o

o
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eo
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eo

eo

eo

a

a

a

a

a

a

response

target

response

[ɨ-u]
-1.79
3.787
7.814
1.910
-1.911
-4.121
[ɨ-u]
-0.857
2.493
4.467
0.955
-1.665
-4.571

[u-o]
1.125
-1.217
2.748
-0.749
-0.227
-0.251
[u-o]
0.492
-1.293
1.958
-1.310
-0.087
-1.699

[o-ʌ]
-2.217
-3.962
-2.214
0.267
0.330
0.343
[o-ʌ]
-1.057
-3.710
-1.276
2.682
0.734
2.225

[ʌ-a]
6.741
-4.075
-5.265
0.639
-0.350
0.440
[ʌ-a]
6.022
-3.358
-4.954
-1.620
1.500
0.780

No-Noise: Old

ix

target

As summarized in Table 2, the regression models
confirmed the age difference in identifying the target
[u]. In predicting the responses of [u] and [ɨ] from
young and old listeners, the model (AGE [u-ɨ])
yielded significant age-group interactions with F1
and F2 parameters: βF1×AGE:-1.911; βF2×AGE:-4.121
(p<.005). While the tokens with greater F1 and F2
values (implying lower and fronter tongue position)
were likely to be heard as [ɨ] over [u], old listeners
were less sensitive to both acoustic dimensions than
younger listeners as the magnitudes of F1 and F2 beta
coefficients were smaller for the old listeners.
Contrary to the model AGE [u-ɨ], the model for the
responses [u] and [o] (AGE [u-o]) did not produce a
significant age-group interaction with F1 and F2,
although higher F1 and lower F2 values (implying
lower and more back tongue position) were
significant acoustic variables that explained the
responses [o] over the responses [u] in both age
groups. There were no significant age-group
interactions in the models predicting [o] vs. [ʌ] (AGE
[o-ʌ]) and [ʌ] vs. [a] (AGE [ʌ-a]). Models of both age
groups estimated lower F1 and F2 (implying higher
and more back tongue position) to predict [o] from [ʌ]
and lower F1 and F2 to predict [ʌ] from [a].

target

For young listeners, the identifications of the all five
vowels significantly differed between NOISE and NoNOISE sessions in terms of sensitivities to F1 and F2.
The listeners were likely to identify [ɨ] from [u] when
the tokens had greater F1 and F2 values, which
indicates a lower and fronter tongue position. This
model (NOISE [ɨ-u]) estimated coefficients of F1 and
F2 significantly smaller in the NOISE condition than
in the No-NOISE condition (βF1×NOISE=-1.66;
βF2×NOISE=-4.56, p<.001), indicating that young
listeners were less sensitive to the two acoustic
dimensions in the presence of distracting noise.

response
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Similarly, the models of responses [o]-[ʌ] (NOISE
[o-ʌ]) and [ʌ]-[a] (NOISE [ʌ-a]) had significant noisecondition interactions with F1 and F2 by yielding
smaller magnitudes of coefficients of both acoustic
parameters in the NOISE sessions. For example, in the
model NOISE [o-ʌ], the magnitude of F2 coefficient
was smaller in the NOISE session that the parameter
was estimated to be not significant (NOISE: βF2=-0.16,
p=.3; NoNOISE: βF2=-1.27, p<.001). For the responses
[ʌ] and [a] (NOISE [ʌ-a]), lower F1 and F2 (implying
higher and more back tongue position) predicted [ʌ]
over [a] in both listening sessions but the listeners’
reliance on F1 and F2 was significantly mitigated in
the NOISE condition: βF1×NOISE=1.50; βF2×NOISE=.78
(p<.05).
Finally, it is noted that there was no significant
coefficient difference between the noise-conditions in
the F1 parameter of the model of [u]-[o] responses
(NOISE [u-o]: βF1×NOISE=.087, p=.67), while F1 was a
significant parameter in predicting [u] from [o] in
both noise conditions (NOISE: βF1=-1.24, p<.0001;
NoNOISE: βF1=-1.34, p<.001), indicating that lower
F1 (higher tongue position) predicted [u] responses
over [o]. The tendency that a presence of noise did not
distract the young listeners’ perceptual reliance on F1
but did on F2 seems to suggest that F2 is a more
important perceptual dimension than F1 in
identifying [o] from [u], primarily taking up listeners’
attentional resources.
3. DISCUSSION
The present study investigated young and old adult
listeners’ identification patterns of five vowels /a ʌ o
u ɨ/ in Seoul Korean, aiming to examine the status and
nature of the on-going vowel sound change. While a
/o/-raising could potentially lead to a merge of /o/ and
/u/, that does not seem to be the final destinations of
the vowel change in Seoul Korean. Identification
error patterns revealed that the two vowels /o/ and /u/
maintained highly distinct with each other in
perception across age-groups and importantly they
were not mutually confusable: Old listeners tended
to mistake /u/ for /o/, but the opposite errors were few.
Rather, the current findings support that the /o/raising subsequently pushed /u/ to a fronter position
and further pushed and dragged /ɨ/ down to a lower
position in the vowel space. The generational
difference in the acoustic representations of /u/, /o/
and /ɨ/ appears to indicate the shift of /u/ to /ɨ/ in
progress. The old listeners’ conservative ears tended
to identify young adults’ realizations of /u/ as /ɨ/ with
less sensitivities to acoustic dimensions of both F1
and F2 compared to the young listeners. Contrary to
the responses /u/ and /ɨ/, the generational discrepancy
in utilizing the acoustic dimensions was not observed
in the vowels /o/ and /u/, although older listeners
produced relatively more errors of perceiving [u] as

3223

[o] than younger listeners. Given that the Korean /o/raising has been reported to be in progress for a
decade, the current findings can possibly suggest that
the innovative acoustic characteristics of /o/ in Seoul
Korean has been sufficiently transmitted throughout
the speech communities across generations. Taken
together with existing production studies reporting
lowered /ɨ/ and fronted /u/ in Seoul Korean, the
present perceptual evidence suggests that vowels /o/,
/u/, and /ɨ/ are sequentially undergoing changes in
terms of their acoustic characterization.
Although not confirmed by the cross-generational
model of acoustic parameters, the most frequent
errors of /ʌ/ for /a/ suggest that the two vowels /a/ and
/ʌ/ might be involved in the on-going sound change
of Seoul Korean. The misperception of /a/ as /ʌ/ stood
out among the back vowels by its highest error rate
even in the no-noise condition by the young listeners.
This pattern of perceptual confusion is consistent with
the observation in production study [11] where the
distance between /a/ and /ʌ/ was closer in the young
(teens and 20s) speakers’ productions than in the
older (40s) speakers’. The misidentification of /a/ for
/ʌ/ might come from a mismatch between existing
perceptual representation and innovative forms of
production, i.e., current vowel stimuli. Given that the
confusions were found both in young and old
listeners, the change related to /a/ and /ʌ/ might be
recent one that follows after the /o/-raising and /u/ and
/ɨ/-fronting. Taken together, whether weak or strong,
the confusion patterns provided perceptual evidence
of a sound change in the non-front vowels in Seoul
Korean.
4. CONCLUSION
To conclude, the present paper provides perceptual
evidence of the vowel sound change in Seoul Korean,
which can be characterized as successive shifts of /o/raising, /u/-fronting, and /ɨ/-fronting & lowering.
Although weak, evidence of change in the vowels /ʌ/
and /a/ is taking place in Seoul Korean. Discussions
on motivations and phonological consequences of the
sound changes should follow to comprehensively
understand the vowel system of Seoul Korean.
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ABSTRACT
This study investigates an unreported ongoing sound
change in Hong Kong Cantonese. Cantonese is
arguably the only variety of Chinese that contains
long-short contrast in its vowel system, which is
essentially a contrast in vowel quality. However,
results from a production experiment with 60 genderbalanced native Hong Kong Cantonese speakers of
three age groups suggests that this contrast is
disappearing. Extracted from a read passage, the
bark-normalized formant values of the three pairs of
vowels with length contrast ([a]-[ɐ], [ɛ]-[e], and [ɔ][o]) were compared across the three age groups and
gender using linear mixed modelling. While the
length contrast is largely retained across age groups,
the acoustic difference is diminishing, especially
among the young group. This merger-in-progress is
actualized by increasing proximity in vowel height.
All the vowel pairs seem to adopt the unidirectional
merger-by-transfer, but they are realized differently:
for [a]-[ɐ] pair, the long vowel transfers to the short
one, but the other way around for the other two pairs.
Keywords: Hong Kong Cantonese, Diachronic sound
change, Vocalic long-short contrast
1.

INTRODUCTION

Unlike all other varieties of modern Chinese, duration
has long been considered a distinctive characteristic
of the vowel system in Cantonese. Apart from
duration, the vowels also contrast in quality. Hence,
there are different analyses on the Cantonese vowel
contrasts. The system adopted in this study
recognizes seven long vowels: [i, y, ɛ, œ, ɔ, a, u], four
short vowels: [e, ø, ɐ, o] and four pairs of long-short
contrast. The vowels [a]-[ɐ], [ɛ]-[e], [ɔ]-[o], and [œ][ø] are each long-short pairs with the short vowels
higher than the long ones. [1] As shown in the
Cantonese rime inventory listed in Table 1, the [a]-[ɐ]
pair is the only long-short vowel pair that displays a
full-fledged overlapping distribution in Cantonese.
As for the other three pairs, the contrastive
distributions are quite limited. Most Cantonese
speakers have no problem in maintaining the contrast,
but interestingly, more and more undergraduate
students learning Cantonese phonology claim that
they have much difficulty in distinguishing the [a]-[ɐ]
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contrast. It has been observed that their pronunciation
for the long [a] tended to be merged with the short [ɐ].
This study aims to conduct an acoustic
investigation on three age groups of HKC speakers to
investigate if there are any on-going mergers in the
Cantonese vowel system. In particular, this paper
aims to answer the following questions:
1. Are the long-short contrasts in the three vowel
groups in the process of merging?
2. If yes, what is the mechanism of the merger-inprogress? and
3. What are the possible causes of the merger?
Table 1: The rime inventory of Cantonese
Front
V#
VG

VC

i

y

ɛ

œ
ej

iw
im
in
ip
it

yn

yt

ɛw
ɛm
ɛn
ɛŋ
ɛp
ɛt
ɛk

eŋ

œt
ek

2.
2.1

œŋ

Central
Back
a
ɔ
u
øj
aj
ɐj
ɔj
uj
aw
ɐw
ow
am
ɐm
øn
an
ɐn
ɔn
un
aŋ
ɐŋ
ɔŋ
oŋ
ap
ɐp
øt
at
ɐt
ɔt
ut
ak
ɐk
ɔk
ok
(shaded columns contain short vowels)

METHOD

Speakers and task

60 native speakers of Hong Kong Cantonese in three
age groups (young: 18-25, middle-aged: 35-45, and
elder: 55-65) with balanced gender (5 speakers ´ 3
age groups ´ 2 genders) were selected. They were
asked to self-rate their Mandarin proficiency and
were divided into three proficiency groups
accordingly: 15 rated themselves ‘fluent’, 33 rated
‘average’, and 12 ‘limited’. Their English proficiency
were rated by two native speakers of English based
on their recorded passage reading, and the
participants were again divided into three proficiency
groups (20 speakers per group) according to the
marks given by the two raters. Participants were
asked to record a 350-character descriptive passage
written in accordance with the syntax of colloquial
Hong Kong Cantonese. All participants finished
reading the passage in about 90 seconds.
2.2

Acoustic analysis and data processing

Only the first half (about 45 seconds) of the
recordings were analyzed. All syllables of the read

passage were segmented manually. Each syllable has
formants tracked in 11 subsegments by Snack toolkit
in VoiceSauce [2]. Outputted formant values were
then bark-transformed by (1) where F is the formant
value:
(1) [26.81´ F / (1960 + F )] -0.53 [3]
Since all short vowels must be in a rime structure
that is either VC or VG, only the third subsegment
were considered in the statistical analysis. To
measure whether there is a merger in the three pairs
of vowels [a]-[ɐ], [ɛ]-[e], and [ɔ]-[o] ([œ]-[ø] is not
discussed due to insufficient data) i , the Euclidean
distance (in bark scale) is computed for the three pairs
of vowels for each speaker using (2), where i and j
denote different vowels.
(2) !(𝐹1% − 𝐹1' )) + (𝐹2% − 𝐹2' ))

3.
3.1

RESULTS

members of the three vowel pairs start from the
middle-aged group, these speakers produced no
significant differences from the elder speakers.
Hence, the significant main effect of age and the
significant pairwise comparisons between age groups
backs our impression the long and short vowels are in
the process of merging among the young speakers.
On the other hand, all three pairs also show
significant main effect of gender ([a]-[ɐ]:
F(1,54)=10.54, p=0.002; [ɛ]-[e]: F(2,54)=11.74,
p=0.001, [ɔ]-[o]: F(2,54)=14.11, p=.0004). In
general, male speakers produce the long-short
contrast with a smaller Euclidean distance between
the two vowels. Considering the ANOVA results
together, the distance measures suggest that while
male speakers in general are more advanced in this
sound change, there is a vowel merger-in-progress in
apparent time.
3.2

Are the long-short contrasts merging?

Figure 1 shows the Euclidean distances between the
long and short vowels in the vowel pair across
generations. The distance between the two vowels of
the same pair is reducing across generations, which is
a sign of vowel merger-in-progress.
Figure 1: Euclidean distances between long and short
vowels in the three vowel pairs (with SE)

The distance measures were compared by separate
2 (gender) ´ 3 (age groups) ANOVAs. Interaction
effect between age and gender is not significant for
all three pair. However, for all three pairs, main effect
of age is significant ([a]-[ɐ]: F(2,54)=9.06, p=0.0004;
[ɛ]-[e]: F(2,54)=4.89, p=0.01, [ɔ]-[o]: F(2,54)=8.71,
p=.0005). Post-hoc pairwise comparisons of age
group adjusted by Tukey HSD method suggest that
the young speakers are producing the long-short
contrast with a reduced Euclidean distance when
compared to the elder speakers ([a]-[ɐ]: p=.0004; [ɛ][e]: p=.009, [ɔ]-[o]: p=.0004), and, to a lesser extent,
the middle-aged speakers ([a]-[ɐ]: p=.009; [ɛ]-[e]:
n.s., [ɔ]-[o]: p=.02). While Figure 1 suggested that the
reduction in Euclidean distance between the two
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What is the mechanism of the merger?

While Euclidean distance is a good indicator of vowel
merger-in-progress, it does not tell us the mechanism
of the merger: whether the merger is actualized by
one member of the pair shifting toward the other
(unidirectional transfer), or both members shifting
toward each other (bidirectional approximation). [4]
To better understand how the vowel merger-inprogress were actualized in the acoustic space, the
bark-normalized values of the first two formants of
the three vowel pairs were checked with linear mixed
models, using the lme4 package [5] in R [6]. Barknormalized F1 and F2 values were put into separate
models, and given the relatively independent vowel
pairs, they were analyzed in separate models. For
each model, the fixed effects considered were vowel
length, gender, age group, and their interactions; the
random effects considered were speaker, and word.
The statistical significance of all fixed effects was
established through Likelihood Ratio Test [7], and
that of pairwise comparisons were determined using
the lmerTest package [8].
Table 2: Best models for the three pairs of vowels

[ɛ]-[e]
[ɔ]-[o]
[a]-[ɐ]

Model for F1
Length ´ age ´ gender
Length ´ age;
Length ´ gender
Length ´ age;
Length ´ gender

Model for F2
Gender
Gender;
Age group
Length ´ gender

Table 2 summarizes significant fixed effects of all
models. In general, while the Euclidean distance is
reduced, the long-short contrast is still evident in the
F1 dimension. However, the downward shift of the

short vowels led to generational differences in the
distribution of vowels and possibly the impression of
vowel merging. For the fitted Bark-normalized
formant values of all vowels, please refer to the
footnote.ii
3.2.1

3.2.2

[ɔ]-[o] pair

Figure 3: Fitted Bark-normalized F1 of [ɔ] and [o] of
different groups of speakers

[ɛ]-[e] pair

Figure 2: Fitted Bark-normalized F1 of [ɛ] and [e] of
different groups of speakers (with SE)

Figure 2 shows the Bark-normalized F1 of [ɛ] and [e]
of the six groups of speakers respectively. It suggests
that the downward shift of [e] in the acoustic space
across generations, with female speakers showing a
greater shift than males, causes a decrease in
Euclidean distance. This downward shift of [e] across
the generations makes [e] produced by young speaker
differ significantly from the elder group for both
genders (elder male vs. young male: t(69.9)=2.45,
p=.017; elder female vs. young female: t(69.4)=4.65,
p<.0001). Additionally, middle-aged female speakers
produced an acoustically different [e] from elder
female speakers (t(70.1)=2.99, p=.004). On the other
hand, while there are changes in the [ɛ], no pairwise
comparison is significant.
While there is a significant downward shift of [e]
across generation in both genders and [ɛ] is relatively
stable in the acoustic space, statistics show that the
two vowels are not merged completely in the acoustic
vowel space: All within-group comparisons show that
the F1 values of [ɛ] and [e] are significantly different
(p<.02 for all six groups of speakers).
Recall that the best F2 model for this pair contains
only gender as fixed effect. Second formant then has
no significant role to play in the long-short contrast of
this pair, and this is true across generations of
speakers. The downward shift of [e] alone primes the
impression of merger-in-progress. It seems that the
merger is actualized by unidirectional transfer: the
short [e] transfers to the long [ɛ].
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Figure 3 shows the Bark-normalized F1 of [ɔ] and [o]
of the six groups of speakers. In essence, the
reduction in Euclidean distance between the two
vowels has the similar pattern as of the [ɛ]-[e] pair:
The short vowel ([o]) shifts downward and causes the
two vowels become nearer to each other. This
downward shift of [o] again makes young speakers
different from the elder speakers (t(74.6)=4.11,
p=.0001) and it is true for both genders. What is
different from the [ɛ]-[e] pair is that [o] produced by
young speakers again differs significantly from the
middle-aged speakers (t(75.8)=3.12, p=.003). Just
like the [ɛ]-[e] pair, the long vowel [ɔ] is again
relatively stable across age (all pairwise comparison
of [ɔ] p>.60). Hence, the vowel merger-in-progress is
again a result of the unidirectional transfer of the short
[o] to long [ɔ].
However, recall that the Euclidean distance
between [ɔ] and [o] is relatively greater than that of
[ɛ]-[e] pair, it is not surprising to see that all withingroup long-short difference in F1 is significant
(p<.0001 for all six groups of speakers). This again
points to the fact that while the two vowels are
becoming more alike in the F1 dimension, the two
vowels are not yet completely merged.
For the F2 dimension of this pair, second formant
again then has no significant role to play in the longshort contrast of this pair, and this is true across
generations of speakers, given only gender and age
group are included in the best model.
3.2.3

[a]-[ɐ] pair

Among the three pairs investigated, [a] and [ɐ] is the
only pair that can contrast meaning in both VG and
VC structures. Hence it is perhaps not surprising to
see a relatively greater Euclidean distance between
[a] and [ɐ] compared to the other two pairs. This
greater Euclidean distance is echoed by the

significant within-group long-short comparisons in
all groups of speakers (p<.0001). Hence, similar to
the other two vowel pairs, while the distance between
the long [a] and short [ɐ] is reducing, they are still
acoustically distinct in terms of the F1 dimension.
Why then is the pair perceived as merged by some of
the native speakers?
Figure 4: Fitted Bark-normalized F1 of [a] and [ɐ] of
different groups of speakers

Figure 4 shows the Bark-normalized F1 of [a] and
[ɐ] of the six groups of speakers. Unlike the other two
vowel pairs, the long vowel ([a]) in this pair has
shifted upward. Figure 4 shows that the alleged
reduction of [a]-[ɐ] contrast actually starts from the
middle-aged speakers. They have produced a raised
[a], which has a significantly higher F1 than the elder
speakers (t(74.5)=3.02, p=.003). As for the young
group, the height of [a] they produced is, in general,
similar to that of the middle-aged speakers, since it is
again significantly different from the elder speakers
(t(73.6)=3.24, p=.002), but not different from the
middle-aged speakers (p>.80), and this trend is true in
both genders.
Apart from the upward shift of [a], Figure 4 also
shows a tendency of [ɐ]-shifting. On the one hand, [ɐ]
produced by middle-aged speakers is slightly raised
but such change does not produce statistical
significance when compared to the elder speakers
(p=.066). On the other hand, while the young
speakers produced a lower [ɐ] compared to the
speakers of elder speakers, it is only significantly
lower than the slightly raised [ɐ] produced by the
middle-aged speakers (t(66.5)=2.45, p=.017). Hence,
the perceived merger-in-progress of this vowel pair is
still essentially unidirectional: The raising of [a] in
terms of tongue position of the younger groups
compared to the elder group.
Unlike the other two pairs, the best F2 model of
this pair contains the factor group vowel length ´
gender. However, while there is a significant gender
difference in F2 values for both [a] (t(70.0)=-13.9,
p<.0001) and [ɐ] (t(64.0)=-12.3, p<.0001), the within-
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group long-short comparisons are not significant
(male: p=.614; female: p=.253). Hence, the F2 is
again not playing a significant role in the long-short
contrast in this vowel pair.
4.
4.1

POSSIBLE CAUSES OF MERGER

Vowel space reduction leading to merger?

While all three pairs actualized vowel merger as
unidirectional transfer, it is the long vowel that shifted
upward for [a]-[ɐ] pair, but the short ones downwards
for the other two pairs. This gives the impression of
vowel space reduction. To check it is the case across
generations, the formant values of [i] and [u] (in
Bark) were analyzed (see footnote ii for the formant
values of the two vowels, §3.1 for the statistical
analysis details). Results show that both [i] and [u]
remained acoustically stable in the apparent time.
Downward shifting of [e] and [o] is hence not due to
the pressure from the shifting [i] and [u]. What causes
upward shifting of [a], however, requires further
investigation.
4.2

Language contact effect?

To assess the possibility of the effect of language
contact on the observed Cantonese vowel merger, we
ran separate linear mixed models to predict the effect
of Mandarin proficiency and English proficiency on
the F1 and F2 values of the three pairs of vowels. In
each model, fixed effects considered were vowel
length, gender, and language proficiency (age is
excluded in these models because it is not balanced
across proficiency groups), with speaker and words
as random effects. Results show that proficiency
effects, whether it is Mandarin or English, does not
show any influence on either formant values of all
vowels. This suggests that the observed vowel
merger-in-progress in Hong Kong Cantonese is more
likely to be an internally-motivated sound change.
5.

CONCLUSION

The present study discussed the unreported ongoing
disappearance of long-short vowel contrast in HKC,
which is principally a contrast in vowel height, across
different age groups. Among the three pairs of vowels
investigated, while [ɛ]-[e] has lost the contrast almost
completely, the pairs [ɔ]-[o] and [a]-[ɐ] showed a
tendency to merge in the younger generations of HKC
speakers. Our findings suggest an on-going sound
change in the loss of vowel contrasts in Cantonese
based on apparent time data. However, due to limited
information about the social variables in the current
study, the causes of the sound change are yet to be
determined.

6.

ACKNOWLEDGEMENTS

We would like to thank the two anonymous reviewers
for their valuable comments on the previous draft, our
participants for providing the data, and acknowledge
support from the Dean’s Reserve provided by the
Hong Kong Polytechnic University (#1-ZVG3).
7.

REFERENCES

[1] Li X.-H. et al. (1995) Guangzhou Fangyan
Yanjiu (廣州方言研究). Guangzhou: Guangzhou
People’s Publishing House.
[2] Shue, Y.-L., Keating, P., Vicenik, C., & Yu, K.
(2011). VoiceSauce: A program for voice
analysis. Proceedings of the ICPhS XVII, 1846–
1849.
[3] Traumüller, H. (1990) Analytical expressions for
the Tonotopic Sensory Scale. Journal of the
Acoustic Society of America, 88:97-100.
[4] Labov, W. (1994) Principles of linguistic change,
vol. 1: Internal factors. Oxford: Blackwell.
i

The mean number of tokens considered for statistical
analysis per vowel is shown in the table below (with SD).
Note that in cases where formant tracking is inaccurate, or
mispronunciation, the speaker will have less tokens.
Vowels
Token #
Vowels
Token #
[i]
[ɛ]
[a]
[ɔ]
[u]

15 (1.81)
11 (1.45)
17 (2.82)
11 (1.40)
8 (0.98)

[e]
[ɐ]
[o]

[5] Bates, D., Maechler, M., Bolker, B., & Walker,
S. (2015). Fitting linear mixed-effects models
using lme4. Journal of Statistical Software,
67(1), 1-48.
[6] R Core Team (2018). R: A language and
environment for statistical computing. R
Foundation for Statistical Computing, Vienna,
Austria. URL https://www.R-project.org/.
[7] Winter, B. (2013). Linear models and linear
mixed effects models in R with linguistic
applications.
arXiv:1308.5499.
URL:
http://arxiv.org/pdf/1308.5499.pdf.
[8] Kuznetsova A., Brockhoff P. B., Christensen R.
H. B. (2017). lmerTest package: Tests in linear
mixed effects models. Journal of statistical
software, 82(13): 1-26.

ii

(a) The mean Bark-normalized formant values of each
vowel produced by female speakers (with SD)
Elder
ɛ
e

14 (1.44)
19 (1.70)
13 (1.37)

ɔ
o
a
ɐ
i
u

F1

F2

4.74
(0.47)
5.74
(0.59)
4.89
(0.37)
6.31
(0.46)
6.77
(0.49)
8.41
(0.37)
3.52
(0.33)
3.98
(0.28)

14.0
(0.53)
13.8
(0.44)
8.94
(1.09)
8.97
(0.52)
11.1
(1.15)
11.4
(0.51)
14.7
(0.95)
7.90
(1.06)

Middle-aged
F1
F2
5.13
(0.47)
5.76
(0.59)
5.11
(0.34)
6.37
(0.44)
6.55
(0.50)
8.03
(0.39)
3.67
(0.35)
4.13
(0.31)

14.0
(0.47)
13.7
(0.37)
9.12
(1.09)
9.13
(0.55)
11.1
(1.19)
11.3
(0.58)
14.7
(0.97)
7.90
(1.09)

Young
F1

F2

5.36
(0.44)
5.82
(0.56)
5.39
(0.38)
6.32
(0.48)
6.79
(0.51)
7.94
(0.44)
3.79
(0.36)
4.23
(0.33)

13.8
(0.57)
13.5
(0.51)
9.55
(1.15)
9.53
(0.62)
11.3
(1.21)
11.6
(0.61)
14.8
(1.01)
8.17
(1.08)

(b) The mean Bark-normalized formant values of each
vowel produced by male speakers (with SD)
Elder
ɛ
e
ɔ
o
a
ɐ
i
u
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F1

F2

4.44
(0.42)
4.91
(0.58)
4.42
(0.27)
5.50
(0.38)
5.90
(0.41)
7.28
(0.27)
3.14
(0.29)
3.84
(0.29)

12.8
(0.49)
12.6
(0.43)
8.14
(1.05)
8.13
(0.45)
9.99
(1.13)
10.1
(0.49)
13.3
(0.98)
7.79
(1.10)

Middle-aged
F1
F2
4.49
(0.42)
4.84
(0.57)
4.42
(0.32)
5.36
(0.43)
5.69
(0.43)
6.93
(0.30)
3.12
(0.29)
3.83
(0.32)

12.6
(0.54)
12.3
(0.47)
8.32
(1.07)
8.32
(0.49)
9.96
(1.15)
10.0
(0.50)
13.3
(0.90)
7.64
(1.04)

Young
F1

F2

4.78
(0.48)
5.09
(0.62)
4.80
(0.35)
5.43
(0.44)
5.99
(0.51)
6.90
(0.40)
3.12
(0.34)
3.91
(0.27)

12.9
(0.47)
12.6
(0.40)
8.41
(1.07)
8.39
(0.53)
10.1
(1.15)
10.2
(0.51)
13.5
(0.96)
7.65
(1.06)
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ABSTRACT
This study investigates listeners’ ability to track
individual talkers’ habitual speech rate in the context
of a short dialogue and adjust their perception of
durational contrasts. Previous studies found that such
adjustment is possible for German vowel length
contrasts (/a/ vs. /a:/). The results, however, allow for
alternative interpretations suggesting that the
adjustment is due to the tokens of (target) vowels
heard in the dialogue rather than a global calibration
of the perception based on talker’s habitual speech
rates or that the need for rate normalization itself
differs by language and contrast. In our study, English
listeners were presented with a dialogue between a
fast and a slow talker, containing no stressed syllableinitial voiceless stops, followed by an identification
task in which listeners categorized /pi/-/bi/ syllables
manipulated to differ along a VOT continuum. Our
results found that when the dialogue did not include
any instances of the target structure, listeners’
response did not differ systematically depending on
the talker’s habitual speech rate.
Keywords: speech rate, VOT, individual speaker
variation, speech perception
1. INTRODUCTION
In everyday communication, listeners deal with
highly variable speech. The same words can result in
a range of differences based on a variety of factors
such as linguistic environment, social context, and the
speaker, among others. One source of variation that
creates differences in the realization of durational
acoustic cues, is changes in speaking rate. Languages
make use of durational differences to contrast
between words. In English, for example, voice onset
time (VOT), the interval between the release of a stop
and onset of vocal cord vibration, is a durational
contrast that differentiates voiced from voiceless stop
phonemes. Speech rate effects have been found for
stop voicing contrasts such that as speech rate slows,
VOT for voiceless stops increases systematically [7,
13, 14, 26]. This poses a potential problem for
listeners because a slow speaker’s realization of /b/
may have similar VOT values as a fast speaker’s
realization of /p/.
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Research has shown that listeners are sensitive to
contextual variations such as speech rate and are able
to compensate for this variation by tuning their
perception of VOT relative to the given speech rate
[9, 11, 12, 13, 22]. Since VOT increases as speech
rate slows, the same VOT was more often perceived
as /b/ in slow speech, but as /p/ in fast speech. Similar
speech rate effects have been found in the perception
of vowel duration [20, 21].
Researchers have also examined speech rate
effects over more global contexts. More specifically,
studies have investigated whether listeners are able to
track the speech rate of a speaker over an extended
period of time, also referred to as habitual or global
rate, rather than the speech rate of a carrier sentence
directly preceding a target word, also referred to as
local rate [2, 10]. Results demonstrated that listeners
tracked variation in the overall speech rate of an
individual speaker over an extended period of time
and that their knowledge of the speakers’ habitual
speech rate influenced their speech perception.
The focus of this research has largely been on
situations in which there is only one speaker. That is,
listeners appear to make use of speech rate
information when no other source of speech rate
information is present. However, in daily life,
listeners are often faced with situations in which
multiple people are speaking. Since each speaker
provides unique speech rate information, the process
of rate normalization relies on the listeners’ ability to
track individual speakers separately and make use of
their knowledge of speaker-specific properties in
perception. Previous research suggests that listeners
are able to track duration properties in a speakerspecific fashion. Namely, listeners have been shown
to remember whether a certain speaker has a tendency
to produce /p/ with a short VOT whereas a different
speaker produces /p/ with a long VOT [1]. Such
evidence suggests that it is likely the case that
listeners also track speaker-specific rate information
to facilitate speech perception.
Reinisch [21] sought to extend these findings by
testing speaker-specific effects of speech rate on
listeners’ vowel length perception in German. The
study examined speech rate effects in the context of a
conversation between two speakers. In the first of two
experiments, listeners heard a 2-minute dialogue
between two female native speakers of German,

varying in rate (fast vs. slow) and order (first vs.
second speaker). Following the dialogue, listeners
completed a phonetic categorization task in which
they categorized words of minimal pair continua
differing in the /a/-/a:/ duration contrast and were
asked to indicate which word they heard. Results of
the experiment showed that listeners were able to
retain speech rate information, resulting in a shift in
perception of the vowel contrast depending on the
speech rate of each individual speaker. As expected,
more /a:/ responses were found for the fast speaker
than the slower speaker.
In the second experiment, different listeners heard
the same dialogue, and similarly performed a
categorization task. However, the target words in the
second experiment were not presented in isolation but
were instead presented in a carrier sentence that was
produced in either a fast or slow speech rate. Thus, in
addition to the speakers’ habitual rate experienced in
the dialogue, the carrier sentence provided listeners
with local rate information. Results of the second
experiment showed no significant effect of habitual
rate when local rate information was provided, and an
overall stronger effect of local rate than habitual rate
was found.
These results are restricted to the context of vowel
duration contrasts. However, it is not the case that all
durational contrasts are affected by speech rate in the
same way and for all speakers. For example, it has
been shown that change in duration due to speech rate
is reflected primarily in changes in vowel duration
rather than consonant duration [6, 18]. Moreover,
VOT values associated with voiced stops are less
affected by speech rate compared to those of
voiceless stops [7, 14]. Furthermore, there exists
individual variation such that while some speakers are
sensitive to rate change in their perception and
production of VOT, others are not [1, 7, 24].
Thus, to improve our understanding of how
listeners deal with speech rate variation in speech
perception, it is important to also investigate such
effects in consonantal contrasts, such as VOT. More
specifically, it remains to be tested whether habitual
speech rate effects can be found in the perception of
consonantal contrasts when listeners are tasked with
attending to two speakers in a dialogue.
In addition to extending previous results, it is
crucial to understand how such an effect of habitual
speech rate may be different between vowel and
consonantal contrasts. Vowels are ubiquitous in
speech, such that any amount of exposure to a
speaker’s speech rate provides ample tokens of
vowels to be used for comparison in later perception.
For this reason, it remains ambiguous whether the
effect of habitual rate found by Reinisch [21] is
indeed evidence for general information about speech
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rate or whether it’s the result of durational properties
of the vowel tokens contained in the exposure. Thus,
the current study aims to replicate the study by
Reinisch [21] using consonantal contrasts, namely,
VOT, to provide a more stringent test of speakers’
habitual rate effect on subsequent speech perception.
2. METHODS
2.1. Participants

A total of 115 listeners participated in this study. All
speakers were self-identified native speakers of
American English and reported normal speech,
hearing, and vision. Speakers were recruited online
using Amazon Mechanical Turk (MTurk) and were
paid for their participation.
2.2. Stimuli

A 324-word dialogue between two speakers was
scripted such that no stressed syllable-initial voiceless
stops were included. Two male speakers (M1 and
M2) recorded both roles of the dialogue and were
instructed to read the dialogue at a comfortable rate.
The dialogue recordings were segmented at phrase
boundaries and labelled according to the speaker-turn
(A or B). Phrase durations were measured to
determine the natural speech rate for each speaker.
Phrase durations were then manipulated to create two
speech rate conditions (fast and slow), such that the
fast version was compressed to be 15% shorter, and
the slow version was expanded to be 10% longer than
the average of the two speakers’ natural speech rate.
Manipulated phrases were spliced back together
leaving 250 ms of silence between utterances. The
amount of rate change and inter-utterance gap were
chosen to reflect that of the similar study by Reinisch
[21], while ensuring that the resulting dialogue was
both natural and distinct enough to be recognized as
fast and slow. After durational manipulation, the
resulting dialogue was 1 minute and 56 seconds. Four
versions of the dialogue were created such that each
speaker was heard in each role (A and B) and speech
rate (fast and slow).
Each speaker also recorded 10 repetitions of the
words ‘bee’ /bi/ and ‘pee’ /pi/. Speakers were asked
to repeat each word 10 times with sufficient pause in
between each utterance. VOT and vowel durations
were segmented and measured to determine the
average VOT and vowel duration for each speaker’s
natural production of /bi/ and /pi/. Base tokens for
creating the stimuli were chosen to represent the
speakers’ natural production of /bi/ and pi/ as much
as possible, based on each speaker’s average vowel
duration across their /bi/ and /pi/ production, and the
speaker’s average VOT duration across their /pi/

2.3. Procedure

Participants completed the experiment through the
MTurk online system. At the start of the experiment,
participants were instructed to have a pair of
headphones ready for the listening task. They were
required to specify the model of the headphones
before the online interface allowed them to continue
with the experiment. Each participant heard one of
four versions of the dialogue (2 roles * 2 rates).
Participants were instructed to listen carefully to the
dialogue because they would be asked to answer
questions about what they heard afterwards. Once the
dialogue was finished, participants completed the
categorization task in which they were asked to listen
to the speakers say either ‘pee’ or ‘bee’ and click the
corresponding word on the screen to indicate which
word they heard. The button on the left side of the
screen was always ‘pee’ and the button on the right
side of the screen was always ‘bee’. The task was selfpaced with no time line on response. After each
response by button click, the next stimulus would
play after 500 ms. The two speakers’ word items were
presented intermixed. Each stimulus was repeated 3
times, resulting in a total of 66 trials for each listener
(11 VOT steps * 2 speakers * 3 repetitions). Stimuli
were randomized for each participant with the
restriction that no identical token be presented twice
in a row.
After the categorization task, participants were
asked to answer a multiple-choice question asking
where one of the speakers of the dialogue would be
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visiting. This information appeared within the last
few sentences of the dialogue, and so was used as a
method to exclude participants who were not paying
attention during the experiment. Those who did not
answer the question correctly were excluded from the
analysis (n=20) and data from the remaining 95
participants were analyzed. The experiment took
approximately 5 minutes to complete.
If listeners are able to keep track of individual
speakers’ habitual rate, we expect listeners to give
more /p/ responses for the fast speech rate condition,
compared to the slow speech rate condition. That is,
if a speaker has a fast speech rate, a given VOT value
will seem long relative to the speakers’ habitual rate,
and therefore elicit more /p/ responses. On the other
hand, if a speaker has a slow speech rate, the same
VOT value will seem short relative to the speakers’
habitual rate, and therefore elicit less /p/ responses.
3. RESULTS
Participants whose perception did not show a
significant effect of VOT, or who showed a
significant effect of VOT in the opposite from
expected direction (less /pi/ responses for longer
VOT), were also excluded from further analysis
(n=9). The final analysis included data from 86
listeners, with 20-23 listeners in each of the four
dialogue conditions. Figure 1 shows the proportion of
/p/ responses over the VOT continuum for the fast
versus slow speaker in the dialogue. As shown in
Figure 1, there is no clear difference between the
responses given for the fast speaker (solid line) and
the slow speaker (dotted line), suggesting no effect of
speech rate across the two speakers.
Figure 1: Proportion of /p/ responses over the VOT
continuum for the fast (sold line) versus slow
(dashed line) speaker in the dialogue.
1.00

Proportion of /p/ responses

production. For each speaker, stimuli were made by
splicing the aspiration of the speaker’s /pi/ token onto
the vowel of the speaker’s /bi/ token. Using the
concatenated utterance for each speaker, the VOT
duration was manipulated to create a VOT continuum
ranging from 0-70 ms in 15 steps. The vowel duration
was kept constant at 400 ms, the average vowel
duration between the two speakers.
A pretest was run to determine the range of the
VOT continuum that would be sufficient in obtaining
a balance of /pi/ and /bi/ responses. Ten participants
who did not take part in the main experiment
participated through MTurk’s online system and were
paid for their participation. The listeners’ task was to
listen to the manipulated stimuli separated in two
blocks, one for each speaker, and indicate whether
they heard a /pi/ or /bi/ syllable by clicking the
corresponding button on the screen. The final VOT
continuum used for the main experiment ranged from
0-50 ms in 11 equal steps, as stimuli over this range
elicited mostly /pi/ responses during the pretest. All
stimuli were manipulated using Praat’s PSOLA
algorithm [5].
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When broken down by the individual speakers,
more noticeable differences are observed. Figure 2
shows the proportion of /p/ responses over the VOT

continuum for the fast (solid line) versus slow (dotted
line) speech rate, separately for the individual
speakers (speaker M1 = black lines, speaker M2 =
grey lines). First, there appears to be an overall
difference between speaker M1 and speaker M2, such
that there are more /p/ responses for speaker M1 than
for speaker M2. This is indicated in Figure 2 with the
black lines appearing above the grey lines,
representing speaker M1 and speaker M2,
respectively. Furthermore, the direction of the speech
rate effect is in the expected direction for speaker M2,
but in the opposite direction for speaker M1. As
shown in Figure 2, the solid grey line, representing
the fast speech rate condition for speaker M2, is
slightly above the dotted grey line representing the
slow speech rate condition for the same speaker. On
the other hand, the solid black line, representing the
fast speech rate condition for speaker M1, is slightly
below the dotted black line representing the fast
speech rate condition for that speaker.
Figure 2: Proportion of /p/ responses over the VOT
continuum for fast (solid line) versus slow (dotted
line) speech, separately for Speaker M1 (shown in
black) and Speaker M2 (shown in grey).
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Statistical analyses were conducted in R [19] and
the glmer function of the lme4 package [3] was used.
A logistic mixed-effects model was fit with response
(/p/ coded as 1, /b/ coded as 0) as a dependent variable
and VOT (ms, centred), SPEAKER (M1 = -0.5, M2 =
0.5), SPEECH RATE (fast = -0.5, slow = 0.5), and their
interaction, as fixed factors. The maximal random
effect structure warranted by likelihood ratio tests
was selected, which included by-PARTICIPANT
random intercepts and by-PARTICIPANT random slope
adjustments to VOT and SPEAKER. The results
showed a significant effect of VOT (bVOT = 0.33, z =
15.78, p <0.001), with more /p/ responses as VOT
duration increased, as expected. Results also showed
a significant effect of SPEAKER (bSpeaker = -0.82, z = 3.99, p <0.001), indicating that speaker M2 had
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significantly less /p/ responses than speaker M1.
However, there was no significant effect of SPEECH
RATE (bSpeech Rate = 0.07, z = 0.20, p = 0.740). The
interaction of SPEAKER and SPEECH RATE was also
not significant (bSpeaker * Speech Rate = 0.04, z = 0.07, p =
0.947).
4. DISCUSSION
The present study sought to test whether and how
listeners keep track of individual speakers’ habitual
rate in a short dialogue and make use of the
information in a subsequent speech perception task.
The dialogue between two male speakers provided
listeners with each speaker’s habitual speech rate in
direct contrast. Results from the categorization task
showed no effect of habitual speech rate, which
suggests that either listeners did not track individual
speakers’ habitual rate or more likely, they did track
individual’s speech rate, but the information did not
affect the perception of the English /p/-/b/ contrast.
These results are inconsistent with previous findings
and warrant further discussion.
In the present study examining the /p/-/b/ stop
voicing contrast, listeners heard /pi/-/bi/ syllables in
which the stimuli varied in VOT duration. Crucially,
however, these stimuli contain a vowel, which was
kept constant in duration across the two speakers.
Note that the duration of the vowel following the
target stop provides listeners with local rate
information [22] or itself serves as a secondary cue
for the stop voicing contrast [24]. It is suggested by
[17] that local rate information affects phonetic
categorization more strongly than habitual rate
information since normalization for local rate
information occurs too early during speech
perception for it to be influenced by habitual rate
information. If listeners primarily made use of the
invariable local rate information, it is then
unsurprising that no rate effect was found. However,
previous studies found that the speech rate of
preceding sentential context of a target stop reliably
modulates VOT perception independent of the
duration of the post-stop vowel [7, 25, 26]. Therefore,
the lack of habitual speech rate effect in our study
cannot be attributed to the absolute dominance of the
post-stop vowel length cue over preceding contextual
speech rate cues in VOT perception.
Another possibility is that listeners did not make
use of the habitual speech rate of the speakers in VOT
perception due to high variability across speakers in
VOT realization [1]. For example, as speakers age,
speech rate slows down and vowels are produced
longer but VOT values become shorter [4]. Given this
interspeaker variability, a faster speech rate of one
speaker is not a reliable indicator that they will

produce a short VOT compared to a slower speaker.
Moreover, the English VOT contrast may be robust
enough against speaker-specific speech rate variation
and a rate-independent VOT boundary is effective
enough for English voicing categorization in
conversational speech, obviating the need for rate
normalization [16].
Further research is required to examine if habitual
speech rate effects on subsequent sound
categorization are contingent upon the strength of
interspeaker consistency in correlation with general
speech rate and the particular durational contrasts.
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ABSTRACT
Phonetic variation arising from speaking style,
regional dialect, and lexical properties is not
processed equivalently by all listeners because
listener experience affects how this variation is
encoded and represented. Thus, successful spoken
word recognition hinges on listener demographic
factors. The current study investigated interactions
in lexical processing between phonetic variation and
listener characteristics for listeners from two dialect
regions from each of two populations: a relatively
homogeneous group of undergraduate students and a
more diverse group of adult visitors to a science
museum. In a word recognition in noise task,
speaking style and talker dialect interacted with
lexical properties to predict accuracy as a function of
listener population and residency in the local region
at the time of the experiment. These results suggest
that processing of phonetic variation is flexible into
adulthood, reflecting accumulated experience
through everyday language use and attunement over
time to local speech contexts.
Keywords: speaking style, regional dialect, lexical
frequency, listener experience, speech intelligibility
1. INTRODUCTION
A variety of factors influence success in isolated
spoken word recognition: some of these factors
reflect bottom-up acoustic-phonetic information in
the speech signal and others reflect top-down
listener knowledge gained through experience. This
study investigated the interactions among some of
these factors on spoken word recognition in noise.
Two aspects of acoustic-phonetic information in
the speech signal that have been shown to affect
spoken word recognition are speaking style and
regional dialect variation [e.g., 14, 17]. With respect
to stylistic variation, hyperarticulated, careful, or
clear speech leads to more accurate spoken word
recognition than hypoarticulated, conversational, or
plain speech [e.g., 1, 17, 18, 22, 24, 25]. This style
effect holds even when speech rate is controlled,
suggesting that both durational cues and other
segmental cues affect lexical processing [9].
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With respect to dialect variation, which primarily
affects vowel realization in American English [10,
12], words produced in familiar dialects are more
accurately identified than words produced in less
familiar dialects [e.g., 7, 11, 14, 19, 20, 23]. This
dialect familiarity effect means that a listener’s
regional background, geographic mobility, and age
affect processing of phonetic variation [7, 8, 14, 19].
In addition, perceived social prestige, similarity to a
standard variety, and relevance to the local dialect
context have been proposed to facilitate lexical
processing of local and standard dialects [3, 7, 21].
For example, words produced in Midland American
English, which is a relatively standard variety [10],
are more intelligible than words produced in
Northern American English, even for listeners with
more lifetime experience with the Northern dialect
[3, 4].
Beyond listener experience with particular
dialects, listeners’ knowledge of lexical properties,
such as frequency and phonological similarity, also
impact spoken word recognition. For example,
frequent words are more accurately identified than
less frequent words, as a result of listeners’ greater
experience with high-frequency words [e.g., 6, 15].
Similarly, words with few similar-sounding
neighbors are better identified than words with many
phonological neighbors, as a result of less
phonological competition with other words the
listener knows [e.g., 13]. Moreover, an individual
listener’s experience shapes the phonological
similarity among the words in their lexicon, such
that sublexical phonetic variation is more specified
in representations of words that are more familiar
[26].
The goal of the current study was to further
examine how diversity in listener background and
experience interacts with phonetic variation in
lexical processing. In particular, a word recognition
in noise task was used to investigate how lexical,
stylistic, and regional dialect variation is processed
by listeners from different demographic groups
(undergraduates vs. a more diverse adult population)
with different regional dialect backgrounds (Midland
vs. Northern American English). Tokens produced
in a clear style and by Midland talkers were
expected to be more accurately identified than plain
style tokens and Northern tokens, respectively [1, 3,

4, 17]. Likewise, high-frequency and low-density
words were expected to be more accurately
identified than low-frequency and high-density
words, respectively [6, 13, 15]. Although overall
differences between Midland and Northern listeners
[3, 4] and between undergraduates and museum
visitors were not predicted, effects of experience
were expected to emerge in interactions among the
lexical, stylistic, and demographic factors.
2. METHODS
2.1. Participants
Listeners from two adult populations of monolingual
American English speakers participated in the
current study. The first population was represented
by 90 undergraduate students at a university in the
Midland American English dialect region, who were
relatively homogeneous with respect to age (M=21
years, SD=4 years), education level, and lifetime
geographic mobility. 45 of the undergraduates
reported living exclusively in the Midland dialect
region and 45 reported living exclusively in the
Northern dialect region until at least age 18 years.
These two regions are shown on the map in Figure 1.
The second population was represented by 65
adult visitors to a science museum in the Midland
American English dialect region, who were more
diverse with respect to these demographic factors.
The mean age of the museum visitors was 33 years
(SD=14 years). 34 museum visitors reported living
exclusively in the Midland dialect region and 31
reported living exclusively in the Northern dialect
region until age 18. However, Northern museum
visitors had lived in more dialect regions as adults
on average (M=1.5 regions) than Midland museum
visitors (M=1.2 regions; X2=5.76, df=1, p<0.05).
Figure 1: The Midland (light grey) and Northern
(dark grey) dialect regions of American English.

eight (four female, four male) came from the
Midland dialect region and eight (four female, four
male) came from the Northern dialect region. Each
talker was recorded reading each passage in two
speaking styles. A plain style was elicited by asking
talkers to read to an imagined close friend or family
member. A clear style was elicited by asking the
talkers to read to an imagined non-native or hearingimpaired listener. The plain style was elicited first to
avoid confounds between style and phonetic
reduction due to repeating the passages [2].
The target words varied orthogonally in lexical
frequency and phonological neighborhood density
when these variables were treated as binary
distinctions between high and low values,
respectively, as reported by Nusbaum et al. [16]. The
extracted word tokens were mixed with speechshaped noise at a +5 dB signal-to-noise ratio. Six
separate lists of the 234 target words were generated
with different talker assignments to reduce itemspecific effects on performance. Within each of the
six lists, speaking style, talker dialect, talker gender,
lexical frequency, neighborhood density, cloze
predictability, and mention within the passage of the
word tokens were balanced [see 2].
2.3 Procedure
Participants completed a self-paced word
recognition task in which they heard individual word
tokens mixed with noise over headphones and were
asked to type the word they thought they heard using
a standard keyboard. One list of 234 target words
was presented to each participant, one token at a
time, in random order. The experiment took
approximately 20 minutes to complete. Obvious
typographical errors for target words in participant
responses were treated as correct for analysis.
3. RESULTS

2.2 Materials
Auditory stimuli consisted of tokens of 234 English
words (232 monosyllabic, 2 disyllabic) extracted
from a set of 30 passages read by 16 adult native
speakers of American English [2]. Of the 16 talkers,
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Participants’ word recognition accuracy was
analyzed using a logistic mixed-effects model with
speaking style (clear, plain), talker dialect (Midland,
North), participant region (Midland, North),
participant group (undergraduate, museum visitor),
lexical frequency, neighborhood density, and their
interactions as independent variables. Vowel
duration was also included as a covariate, given that
the target words were extracted from read passages.
The four categorical variables were coded using sum
contrast coding. Lexical frequency, neighborhood
density, and vowel duration were scaled to standard
deviation units (z-scores). The maximal model that
achieved convergence included by-subject and byword random intercepts, a by-subject random slope

group were also significant. The first of these
interactions was between participant region and
participant group (β=−0.06, z=−2.28, p<0.05), and
reflects greater overall accuracy for the Northern
museum visitors compared to the Midland museum
visitors, but no difference in accuracy between
undergraduates from the Midland and Northern
regions. The second interaction, between style,
participant region, and participant group (β=−0.03,
z=−2.36, p<0.05), revealed that the difference
between Midland and Northern museum visitors’
accuracy was primarily for plain speech tokens.
Figure 2: Interaction between speaking style,
participant group, lexical frequency, and
neighborhood density on word recognition.
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Table 1: By-subject mean (and standard deviation)
identification accuracy for each factor level of the
categorical predictor variables.
Clear style
Midland
talkers
Northern
participants
Undergrads

61% (9%) > 51% (11%)
60% (10%) > 52% (11%)
57% (10%) > 55% (12%)
59% (10%) > 51% (11%)

2

3
clear

Plain style
Northern
talkers
Midland
participants
Museum
visitors

Four significant interactions revealed the
combined effects of these variables on word
recognition accuracy. First, the four-way interaction
between speaking style, participant group, lexical
frequency, and phonological neighborhood density
(β=−0.03, z=−2.18, p<0.05) is shown in Figure 2.
Whereas lexical frequency had a comparable
influence on the performance of undergraduates (left
panel in Figure 2) for both low- and high-density
words, and for both clear and plain speech tokens, a
larger facilitative effect of lexical frequency on word
recognition was observed for museum visitors for
low-density words in clear speech (light solid line in
the right panel of Figure 2) compared to low-density
words in plain speech or high-density words in
either style. This pattern suggests that for the
museum visitors, it was primarily the easier-torecognize clear, low-density tokens that benefitted
substantially from higher lexical frequency.
Three interactions involving speaking style,
talker dialect, participant region, and participant
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Museum visitors

1.00

Recognition accuracy

for lexical frequency, and by-item random slopes for
speaking style, talker dialect, and participant group.
Significant main effects in the expected direction
were observed for all of the independent variables,
as well as for the vowel duration covariate. Bysubject mean identification accuracy as a function of
each of the four categorical variables is shown in
Table 1. These main effects indicate that overall,
word tokens produced in a clear style and by
Midland talkers were more accurately identified than
plain style (β=0.25, z=4.91, p<0.01) and Northern
(β=0.21, z=4.08, p<0.01) tokens, respectively.
Additionally, Northern listeners and undergraduates
identified words more accurately overall than
Midland listeners (β=−0.06, z=−2.39, p<0.05) and
museum visitors (β=−0.24, z=−8.52, p<0.01),
respectively. Listeners also identified highfrequency and low-density words more accurately
than low-frequency (β=0.19, z=2.51, p<0.05) and
high-density (β=−0.35, z=−4.03, p<0.01) words,
respectively. Finally, target words with longer
vowels were more accurately identified than target
words with shorter vowels (β=0.22, z=9.10, p<0.01).
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2

Log lexical frequency
plain

high-density

3

4

low-density

Finally, the interaction between speaking style,
talker dialect, participant region, participant group,
and lexical frequency (β=−0.03, z=−2.56, p<0.05)
was also significant. The locus of this interaction can
be seen in Figure 3 by comparing the slopes of the
frequency effect for clear Northern tokens (solid
lines) to the slopes of the frequency effect for the
plain Northern and clear and plain Midland tokens
across the four panels. For Midland museum visitors
(bottom left), the frequency effect is larger for clear
Northern tokens than for the other three style x
talker dialect combinations. For Northern museum
visitors (bottom right), the frequency effect is
similar across all four style x talker dialect
combinations. For all undergraduates (top panels),
the frequency effect across styles and talker dialects
mirrors the Midland museum visitors’ pattern.
4. DISCUSSION AND CONCLUSIONS
As expected, effects of speaking style, talker dialect,
participant region, participant group, lexical
frequency, and neighborhood density were observed.
However, these main effects were mediated by
interactions that revealed differences in the effects of
lexical, stylistic, and dialect variation on word
recognition in noise across the listener groups.
The interaction involving speaking style, lexical
properties, and participant group (Figure 2) suggests
differences in lexical processing by participants of

different backgrounds as a result of their everyday
language experiences. In particular, plain speech and
high neighborhood density were more detrimental to
word recognition overall and were less affected by
lexical frequency for the museum visitors than for
the undergraduates. Compared to undergraduates,
the museum visitors likely find themselves in a more
diverse set of everyday settings with a wider range
of lexical variation between participants. The
undergraduates’ more homogeneous academic
environment, including classroom interactions and
regular test-taking, may have facilitated their
reliance on lexical frequency to recognize the more
difficult plain style and high-density target words.
Figure 3: Interaction between speaking style,
talker dialect, participant region, participant group,
and lexical frequency on word recognition.
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The second major interaction (Figure 3) provides
insight into the influences of demographic
differences on spoken word recognition, particularly
with respect to continued flexibility in processing
phonetic variation into adulthood. In particular, this
interaction revealed that Midland undergraduates,
Northern undergraduates, and Midland museum
visitors showed parallel performance patterns, in
contrast to Northern museum visitors, who showed a
different pattern, specifically for clear speech
produced by Northern talkers. This finding suggests
that Northern museum visitors benefitted from high
lexical frequency for both plain and clear Northern
speech, while the other groups benefitted more from
high lexical frequency for clear Northern tokens than
for plain Northern tokens.
One potential source of this result is that
Northern undergraduates’ processing resembled the
processing of Midland undergraduates and Midland
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museum visitors due to their residency in the local
Midland region [4]. That is, living in the Midland
region may have led to an expectation that stimuli
would be produced in the variety that is local to the
university and the museum, leading to a weaker
facilitative effect of frequency for harder, plain
Northern tokens than easier, clear Northern tokens
for the Midland museum visitors and all of the
undergraduates [3, 4]. That is, the source of
differential processing across Northern groups may
stem from the Northern undergraduates’ attunement
to the local dialect context as a result of their current
residency, leading to recognition patterns similar to
those of lifetime Midland listeners.
A second potential source of this result is a
difference in the lifetime mobility of the participants
from the two populations. In particular, whereas the
undergraduates were generally not mobile, having
lived in either the Midland or the Northern region
until at least age 18 years, the museum visitors were
older and had more opportunity to be exposed to
multiple regional dialects. Moreover, the Northern
museum visitors had lived in more dialect regions on
average in adulthood than the Midland museum
visitors (see section 2.1). Thus, the source of
differential processing for the two groups of
museum visitors may stem from the relatively more
varied experiences in adulthood of the Northern
museum visitors, leading to more robust frequency
effects across styles and talker dialects.
Taken together, these results provide evidence
that individual experiences with lexical and phonetic
variation affect word recognition into adulthood, and
suggest ongoing flexibility in lexical representations
throughout the lifespan. Moreover, regardless of
whether the processing differences shown in Figure
3 reflect attunement to the local variety after
relocation or experience with dialect variation
through geographic mobility in adulthood or a
combination of both factors, the results suggest that
adults continue to adapt over the long-term to the
phonetic variation that they experience. However,
the current study cannot distinguish these two
factors, and residency may affect processing in
specific, locally-determined ways, whereas mobility
may affect processing in general ways that are more
durable over time [5]. Future work could disentangle
effects of local residency and lifetime mobility by
testing listeners within the Northern region.
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ABSTRACT
In background noise, the amplitude fluctuations of
speech commonly provide for momentary glimpses
of high intensity portions of speech, predominantly
from vowels. Previous investigations have provided
glimpses of consonants or vowels to determine the
perceptual contribution of different speech acoustics
to sentence intelligibility. The present study
investigated the consistency of perceptual
contributions across eight American English dialects
for a group of listeners from the southern United
States.
Results demonstrated that sentences
preserving predominant vowel acoustics were
consistently more intelligible across dialects for all
participants. The significant contribution of vowels
does not appear dependent on familiarity with
properties of dialectal variation but may represent the
preservation of more general acoustic cues important
for sentence recognition. Acoustic analyses of
temporal amplitude modulation suggest important
cues present during vowels and highlight gradient
differences across dialects associated with
intelligibility.
Keywords: sentence intelligibility, vowels, dialect,
temporal envelope, amplitude modulation.
1. INTRODUCTION
Everyday communication settings often entail
listening to speech in the presence of background
noise that limits the available spectro-temporal detail
of the stimulus. Under such conditions, listeners may
have to base the perceptual analysis of speech on
spectro-temporal fragments (e.g., glimpses) that
provide momentarily favorable signal-to-noise ratios
(SNR) [1]. For over half a century, it has been
documented that the proportion of available speech
information is an important predictor of performance
[2].
However, speech is an acoustic signal
characterized by high variability in the spectral and
temporal domains. Furthermore, certain classes of
speech sounds, such as consonants and vowels, are
generally represented by different types of acoustic
features [3,4]. Recent evidence has suggested that,
even when the proportion of speech preserved is
controlled, glimpses constrained to different portions
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of the speech signal can reflect highly variable
contributions to intelligibility [e.g., 5,6,7]. For
example, a number of studies have now documented
that sentences which preserve vocalic glimpses result
in word recognition scores twice as high (and in
Mandarin, three times as high [8]) as sentences
constrained to preserve consonantal acoustics [e.g.,
6,9]. Due to high temporal overlap of acousticphonetic cues to consonant and vowel identity, these
studies did not investigate the contribution of discrete
category information. Rather, they reflect the relative
distribution
of information
important
for
intelligibility over the highly dynamic speech signal.
Empirical and acoustic analyses from these studies
have suggested that the source of this effect is related
to greater preservation of temporal amplitude
modulation during the preserved vocalic glimpses
[e.g., 10, 11], not phonetic identity [12]. Indeed,
interruption conditions based on other analysis-based
methods of segmentation, such as entropy, also seem
to reflect properties of temporal amplitude
modulation [7] and intensity differences [13]. The
perceptual contribution of amplitude modulation
appears to be greatest during high intensity glimpses
[13, 14], such as provided by vowels [11].
In addition to linguistic information, the
speech signal also codes dialectical information [15].
For example, the Southern American dialect is
distinguished from other dialects based on
fundamental frequency (F0) change [15], formant
dynamics [16], and duration [16]. This dialectical
information results in systematic variability in the
acoustic-phonetic signal [16], contributing to vowel
variants that are a principle identifier between dialects
[17]. Therefore, vowel contributions to sentence
intelligibility could be reduced for less familiar
dialects. Alternatively, vowel production across all
dialects still generates dominant amplitude
modulation cues. Therefore, vowel contributions
may be preserved regardless of the talker’s dialect.
This study investigated these two alternative
hypotheses.
The intelligibility of sentences
interrupted to preserve primarily vowel or consonant
segments was studied across eight different dialects
that introduce acoustic-phonetic variation. General
acoustic measures investigated factors that might
explain performance across dialects.

2. METHODS
2.1 Listeners
Fourteen young adults were originally recruited to
participate in this experiment. All listeners were
native speakers of American English and had normal
audiograms with octave pure tone thresholds ≤ 20 dB
HL. For the current analysis, four listeners were
excluded given residential background histories
outside of the Southern United States. The final
group of ten listeners had resided in the South for at
least 20 years, with localities primarily in North and
South Carolina. Eight had always lived in the South,
and the remaining two had lived no more than three
years outside the Southern United States (Participants
3 and 10). The final group for analysis had a mean
age of 23 years (22-25 years). Participants had
between 2-4 years of formal language instruction,
with two others having a total of 12 years of study
(Participants 9 and 14). Years of musical instruction
varied between 0-4 years, with two different
participants completing 13-14 years of formal
instruction (Participants 10 and 11). Testing was
completed at the University of South Carolina.
2.2 Stimuli
Stimuli consisted of sentences selected from the
TIMIT database [18]. Two lists of 14 sentences were
created for each of eight dialect regions from the
TIMIT database. Within a list, sentences were
balanced evenly between male and female speakers
(7 sentences each). The two lists for each dialect were
selected to contain the same number of words per list.
Total words per list varied from 109-112 words
across the eight dialects. Across the entire corpus of
selected sentences, there was an average of 17
consonants (SD = 4.3) and 11 vowels (SD = 2.6) per
sentence. TIMIT sentences have been used in several
studies using segmentally interrupted speech to
selectively preserve vowel segments [e.g., 6,9,11] as
the database provides time markings for segmental
boundaries that were confirmed by expert
phoneticians.
2.3 Signal Processing
Signal processing followed the methods used in
previous studies of segmentally interrupted speech
[6,8,9,11]. Sentences were processed to segmentally
interrupt speech using the segmental boundaries
identified in the TIMIT database and adjusted within
1-ms to the nearest local minima (i.e., zero-crossing).
The interruption preserved segment durations, but
replaced the neighboring segments with a low-level
speech shaped noise (16 dB SNR) based on the long-
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term average spectrum of the sentence corpus. This
processing resulted in sentences that contained
predominantly consonant or vowel segments, as
defined by the TIMIT boundary markings.
Postvocalic /r/ was considered a rhotacized vowel and
intervocalic glottal closure was also grouped as a
vowel segment.
2.4 Procedures
All testing was completed in a sound attenuating
booth. The participants listened to stimuli presented
at a sampling rate of 16 kHz via Sennheiser HD 280
PRO headphones. The level of the speech (prior to
replacement) was calibrated to be presented at 70 dB
SPL. Stimulus presentation was blocked by dialect
with consonant and vowel conditions randomized
within a single block of 28 sentences. The order of
presentation for the dialect blocks was randomized
across participants. Prior to testing, participants first
completed demonstration trials to familiarize them
with the stimulus processing and the task prior to
completing the experimental conditions.
All sentences were processed twice, once to
preserve consonant segments and once to preserve
vowel segments. Participants were split into two
groups, such that half heard a given list with the
consonants preserved and half heard the same list
with vowels preserved. This procedure ensured that
any difference in the consonant/vowel condition was
not a result of the particular sentence lists constructed.
Two lists were presented such that all listeners
completed both vowel and consonant conditions.
Listeners completed the open-set test by
repeating each sentence and were encouraged to
guess.
Sentence presentation was self-paced.
Listener responses were audio recorded for offline
analysis by trained raters who scored all words.
Percent correct scores were transformed to
rationalized arcsine units (RAU) to stabilize the error
variance.
3. RESULTS AND DISCUSSION
3.1 Mean Performance Across All Dialects
A 2 (segment) X 8 (dialect region) repeated-measures
analysis of variance was conducted.
Results
demonstrated a significant main effect of segment
[F(1,9) = 620.0, p<.001, ηp2 = .99] and of dialect [F(7,
63) = 3.2, p=.006, ηp2 = .26]. No significant
interaction was found.
Fig. 1 displays the mean results across
dialect. Overall, the results indicate that vowelpreserved sentences resulted in higher recognition
rates than consonant-preserved sentences at a ratio of

Percent Correct

Figure 1: Average performance across the eight
dialect regions and averaged across all dialects.
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Consonants
Vowels
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0

The lack of a significant interaction demonstrates that
the advantage observed for vowel-preserved
sentences is consistent across dialect regions,
suggesting that greater familiarity with the properties
of specific dialect variations does not influence the
perceptual contribution of vowels in these sentences,
relative to consonant contributions.
Rather,
performance in these two segmental conditions
appear to reflect sensitivity to more general
perceptual cues useful for speech intelligibility that
remain relatively robust in the context of indexical
variation in dialects.
As consistent effects were observed across
dialects, results were also analysed across individual
participants for average performance (Fig. 2, left
panel). Notable is the large variability across
participants. However, it is clear that all listeners
were more accurate in reporting words in the vowel
condition. The right panel in Fig. 2 also indicates a
significant correlation between average vowel and
consonant performance, perhaps indicating a more
general ability for glimpsing speech fragments
interrupted by noise. However, these consistencies
are most notable for average scores, as correlations
between dialects, e.g., Southern and Northern
dialects, were not significant for consonant or vowel
performance (ps<.05). This indicates variability in
participant ranking across dialects.
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Figure 2: Ranking (left) of average participant
performance and correlation (right) of consonant
and vowel scores for these participants.
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2:1 (62% versus 31%, respectively). In addition, the
main effect of dialect suggests that some dialects
were more intelligible than others, and progressed
from the Southern and New England dialects as the
least intelligible to the Northern dialect as the most
intelligible. This later finding is notable given that all
participants in this analysis had primarily lived in the
South (the Carolinas) and had self-identified as
speaking the Southern dialect (albeit a heterogeneous
classification).
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3.2 Contribution of Temporal Amplitude
Modulation
Previously, a measure of preserved amplitude
modulation has provided a good fit for explaining
intelligibility across consonant and vowel conditions
[10]. A similar analysis of the temporal envelope was
applied in the current case for vowel and consonant
sentences. Stimuli were halfwave rectified and lowpass filtered using a Butterworth filter to 50 Hz.
Stimulus envelopes were then correlated with
envelopes extracted from the original version of the
stimulus prior to interruption. This correlation
provided an envelope correlation index (ECI) as to
the degree to which the interruption condition
preserved the amplitude modulation of the full
sentence.
Likewise, the envelope modulation
spectrum was derived by analysing the temporal
envelope by the FFT and summing the modulation
area (ModA) up to a modulation rate of 32 Hz.
Results of these analyses are plotted in Figure 4.
Overall, these results demonstrate good classification
of acoustic differences between consonant and vowel
conditions, but lack specificity to account for
performance variation across the eight dialects.
Dialect differences were noted in the
modulation spectrum. This was quantified by
calculating the difference in modulation area between
1-4 Hz and 8-32 Hz octave bands for the
uninterrupted versions of the sentences (i.e., low-high
modulation difference, LHMD). These scores (Fig.
5), account for the rank ordering of difficulty across
dialects most notably for vowel-preserved sentences.
Fig. 6 displays performance for vowel
sentences across dialects (from Fig. 1) in comparison
to the LHMD score, which was transformed to
facilitate comparison to the percent correct scores.
Dialects that have relatively less energy at higher
modulation rates (e.g., Southern) result in poorer
overall intelligibility as compared to those with more
similar modulation energy at low and high rates (e.g.,
Northern). Sentences were interrupted at a rate
characterizing the syllabic alternation between

consonants and vowels, which overlaps with
modulation in the low-rate band. Those dialects with
more relative energy in the modulation spectrum
above the interruption rate may have greater
preservation of some acoustic-phonetic cues for
intelligibility. This is consistent with theories of
modulation masking [19] which would suggest that
the segmental interruption rate interferes with the
transmission of speech information in low-rate
modulation bands, leaving fast-rate modulation cues
relatively more preserved.
Figure 4: Acoustic measures of preserved amplitude
modulation for vowel and consonant conditions. ECI
= Envelope Correlation Index; ModA= Modulation
area
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Figure 5: Correlation between LHMD and
performance with consonant (left) or vowels (right).
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Figure 6: Comparison of transformed LHMD scores
across dialects and vowel condition performance.

5. SUMMARY & CONCLUSIONS
This study investigated the recognition of sentences
interrupted to provide predominant vowel or
consonant acoustics for eight dialects of American
English within a group of listeners from the Southern
dialect region. Results confirmed better recognition
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of vowel sentences across dialects, despite dialectspecific vowel variability [16,17].
Results
demonstrated significant listener variability.
Consistent with Clopper and Bradlow [20], greater
intelligibility for some dialects did not interact with
the listener’s dialect. These authors suggested that
the processing demand imposed by highly degraded
speech, as tested here, may cause listeners to bypass
dialect-level representations.
These results are
different from Jacewicz and Fox [21] who found
greater intelligibility of Southern versus General
American (i.e., Midland) dialect when presented in
multitalker babble to listeners from Central Ohio.
However, as suggested in by Jacewicz and Fox, there
may be an advantage when the target speech does not
match the listener’s dialect. Experimental differences
may also be the source of this discrepancy. The
significantly greater F0 change characteristic of the
Southern dialect may be more advantageous for talker
segregation in babble [21]. Indeed, dynamic F0 cues
facilitate talker segregation [22]. However, this
greater variability may be less useful in the current
study when the speech is interrupted, which may
introduce some discontinuities in the F0 contour.
Regardless, the current results suggest that
listeners are able to extract general properties
important for speech recognition in adverse listening
conditions (i.e., interruption) across all dialects.
Initial acoustic analyses suggest that sentences
interrupted to preserve vowel segments result in
greater preservation of the amplitude modulation
contour of the sentence, consistent with other findings
suggesting the importance of the temporal envelope
for speech recognition [e.g., 10, 11, 12].
Furthermore, differences in performance across
dialects, particularly for the vowel condition, appear
to reflect dialect patterns in the relative distribution of
modulation energy between low- and high-rate
modulation bands. More intelligible dialects had
relatively more energy in high-rate modulation bands
compared to less intelligible dialects. This is
interesting given that low-rate modulation bands
contribute more to intelligibility [23]. However,
high-rate modulation cues may be relatively more
preserved when speech is interrupted at a segmental
rate [see 11, 14], perhaps due to decreased
modulation masking [19]. Overall, listeners require
access to speech amplitude modulations for maximal
sentence recognition. Differences in the modulation
spectrum explain differences in the intelligibility of
segmentally interrupted speech for different dialects.
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ABSTRACT
This paper investigates lexical access in English in 36
listeners from four different participant groups. The
groups vary in English language background (L1 vs.
L2 [native Russian]), and in terms of English dialect
exposure (D1 [monodialectal Australian] vs. D2
[bidialectal American / Australian]), providing the
four groups: L1D1, L1D2, L2D1, and L2D2. We
analyze accuracy in a lexical decision task in terms of
the lexical item’s dialect origin (e.g. American faucet
vs. Australian tap), and the speaker’s accent
(Australian vs. American). Results reveal that L1
lexical decision is significantly more accurate on
items with congruent word dialect and speaker accent
(e.g. faucet in an American rather than Australian
accent) than on incongruent ones. However,
(in)congruency has no significant effect on accuracy
during L2 lexical decision.
Keywords: perception, bidialectalism, second dialect
acquisition, second language acquisition
1. INTRODUCTION
Every time we say something, the speech signal
carries two different types of information: linguistic
and indexical. The linguistic information conveys the
meaning of the message ("what was said"), while the
indexical information provides details about the
speaker ("who said it"). Indexical attributes can
include characteristics of the speaker such as age, sex,
social class, regional and ethnic background.
Traditional linguistic theory treated indexical
information as noise that was ignored during speech
perception. However, recent studies suggest that the
processing of linguistic and indexical information is
integrated during speech perception, and listeners use
indexical properties of the speaker’s voice to facilitate
a phonetic interpretation of the linguistic content of
the message. For example, a speaker’s perceived
regional origin can affect what vowel we think they
are producing [5]. Similarly, a speaker’s perceived
age can have an effect on how we perceive a vowel
[4], while a speaker’s sex can influence whether we
perceive a certain consonant as [s] or [ʃ] [8]. Accent
cues have also been shown to be able to modulate
access to word meaning, such that British participants
are more likely to retrieve the American dominant
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meaning of a word (e.g., the hat meaning of the word
bonnet) if they hear the words in an American rather
than a British accent [2].
Most of the research in this area is based on
monolingual speakers, and not much is known about
how second language speakers make use of indexical
information during second language speech
processing or lexical access (but see [9]). Existing
research shows that there are important differences
between L1 and L2 speakers, for example in accuracy
of native dialect classification [3].
In this paper, we address the following research
questions:
1) How does (in)congruency between word dialect
and speaker accent affect lexical access in L1 and
L2 mono- and bidialectal speakers?
2) What can these results tell us about the link
between linguistic and indexical information in
L1 and L2 speakers?
2. METHOD
2.1. Participants

Four groups of participants were recruited to
participate in the study: 7 native speakers of
Australian English (L1D1), 8 native speakers of
American English (L1D2), 14 native speakers of
Russian who have not lived in any other Englishspeaking countries but Australia for more than 3
months (L2D1), and 7 native speakers of Russian who
lived in the USA before moving to Australia (L2D2).
A summary of the groups is given in Table 1. All were
residing in Australia at the time of the study and
moved there as adults. The L1D2, L2D1, and L2D2
groups have lived in Australia between 1 and 10
years, and the L2D2 group additionally lived in the
USA between 1 and 10 years. They were recruited
through social media posts and the friend-of-friend
method.
2.2. Stimuli

Seventy-six real words and 76 pseudo-words were
used as stimuli in a lexical decision task. The real
words consisted of 38 pairs, such that one item in each
pair is generally considered an Australian lexical item
and the other an American item (e.g. American candy
and Australian lolly). These 152 items were audiorecorded being read by both a male native speaker of

Australian English and a male native speaker of
American English. Both speakers were trained
linguists who were instructed to read the items in a
natural manner. This way each lexical item was
pronounced in an Australian accent as well as an
American accent, resulting in a total of 304 items
such that half the real lexical items had congruent
speaker accent and word dialect (e.g. Australian lolly
in an Australian accent, or American candy in an
American accent), while the other half had
incongruent speaker accent and word dialect (e.g.
American candy in an Australian accent, or
Australian lolly in an American accent).
Table 1: Listener groups.
group
L1D1
L1D2
L2D1
L2D2

description
Monolingual Australian,
Australian English monodialectal
Monolingual American,
American/Australian English
bidialectal
Russian-English bilingual,
Australian English monodialectal
Russian-English bilingual,
Australian/American English
bidialectal

using the lme4 package [1] in the R software [7]. The
analyses were carried out on the real word data only.
3.1. Descriptive Statistics

Participants overall performed at a high 90%
accuracy level in the lexical decision task, however,
and not surprisingly, English L1 participants were
significantly more accurate (92%) than the L2
participants (88%) (Wilcoxon rank sum test, W =
3805800, p<.0001). Figure 1 shows the mean
accuracy and standard error for each of the four
listener groups. Both L1 and L2 bidialectal groups
(i.e. L1D2 and L2D2) performed more accurately
than their respective monodialectal counterparts (i.e.
L1D1 and L2D1), however this difference does not
reach statistical significance.
Figure 1: Overall accuracy in the lexical decision
task by listener group.

2.3. Procedure

All participants from the four groups took part in a
lexical decision task. They also completed several
other tasks in the same session, namely reading,
lexical preference, and shadowing. The whole session
took about one hour to complete.
For the lexical decision task participants were
seated in front of a computer with E-prime [6]. The
auditory stimuli were presented through headphones,
and the participants responded to them on a buttonbox. The stimuli were presented in random order one
by one, and the participants had to decide whether the
word was a real English word or not, as fast and as
accurately as they could. After they pressed a button,
their reaction time was presented on the screen which
was then automatically followed by the next auditory
stimulus. If participants took longer than 2 seconds to
respond a ‘No response detected’ message was
presented instead of their reaction time. For correct
responses the RT was presented in blue, for incorrect
responses in red. RT and responses were both logged
(1 = accurate, 0 = inaccurate).
3. RESULTS
Section 3.1 presents descriptive statistics of the raw
data, while model predictions are given in Section
3.2. Statistical analysis using generalized mixed
effects logistic regression models was carried out
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Rather than the overall accuracy by each group,
we are more interested in how accuracy is modulated
by speaker accent and word dialect, and the
(in)congruency between the two within each
participant group. Figure 2 breaks down accuracy
levels by speaker accent alone. Participants were
generally more accurate on words spoken by the
Australian speaker, with the exception of the
American L1D2 group. The bilingual L2D1 group,
who moved from Russia directly to Australia, was
particularly less accurate on items spoken in the
American accent.
Figure 3 shows accuracy levels with regard to the
dialect origin of the words. Regardless of native
language background, both Australian monodialectal
groups (i.e. L1D1 and L2D1) show a preference for
Australian lexical items, while the American L1D2
group is more accurate on American words.
In this paper our main interest is to investigate how
– if at all – a mismatch between speaker accent and
word dialect affects accuracy levels in lexical

decision for each of our groups. Figure 4
demonstrates that for the two L1 English groups
matched trials result in more accurate responses.
Figure 2: Accuracy by Listener Group and Speaker
Accent (Australian accented voice vs. American
accented voice).

3.2. Model Predictions

To examine the effect of speaker accent and word
dialect on accuracy levels in the lexical decision task,
we ran four separate generalized mixed effects
logistic regression models for our four participant
groups. The dependent variable in each model was
accuracy, with speaker accent, word dialect, and
their interaction entered as fixed effects. Participant
and lexical item were entered as random intercepts
into the model.
For the Australian monolingual L1D1 group the
model shows a significant interaction between
speaker accent and word dialect. Table 2 provides the
coefficients for the L1D1 model, and Figure 5 plots
this interaction. The L1D1 group is significantly more
accurate for Australian lexical items (such as lolly)
that are pronounced in an Australian accent.
Table 2: Coefficients table for L1D1 model
glmer(acc~(1|subject)+(1|item)+accent*word,
binomial, data=L1D1).

Figure 3: Accuracy by Listener Group and Word
Dialect (e.g. Australian fringe vs American bangs).

(Intercept)
accent=aus
word=aus
acc=aus:wd=aus

Est.
2.85
0.14
-0.05
0.59

SE
0.44
0.47
0.33
0.59

z
6.48
0.30
-0.17
2.51

Pr(>|z|)
<.001 ***
0.764
0.866
0.012 *

Figure 5: Model prediction of Accuracy by L1D1
Group. Significant interaction between Word
Dialect and Speaker Accent.

Figure 4: Accuracy by Listener Group and
Congruency between Speaker Accent and Word
Dialect (e.g. match = Australian fringe in an
Australian accent; mismatch = Australian fringe in
an American accent).

Similarly, the American monolingual but
bidialectal L1D2 group also shows a significant
interaction between speaker accent and word dialect,
such that American lexical items (such as candy)
pronounced in an American accent exhibit the highest
accuracy levels. Table 3 shows the coefficients for the
L1D2 model, while Figure 6 plots the interaction.
For the two bilingual groups the models showed
that the interaction between speaker sex and word
dialect was not statistically significant, therefore the
interaction term was removed from both models.

3247

Table 3: Coefficients table for L1D2 model
glmer(acc~(1|subject)+(1|item)+accent*word,
binomial, data=L1D2).
(Intercept)
accent=aus
word=aus
acc=aus:wd=aus

Est.
4.55
-1.45
-1.27
1.42

SE
0.51
0.55
0.41
0.51

z
8.98
-2.61
-3.11
2.75

Figure 7: Model prediction of Accuracy by L2D1
Group. Significant effect of Speaker Accent with no
interaction with Word Dialect.

Pr(>|z|)
<.001 ***
.009 **
.002 **
.006 **

Figure 6: Model prediction of Accuracy by L1D2
Group. Significant interaction between Word
Dialect and Speaker Accent.

Table 5: Coefficients table for L2D2 model
glmer(acc~(1|subject)+(1|item)+accent+word,
binomial, data=L2D2).
(Intercept)
accent=aus
word=aus

Even though the interaction was not significant,
the L2D1 group – who had never lived in America –
shows significantly higher accuracy levels on words
pronounced in the Australian accent, and also a near
significant effect on Australian lexical items. But
whether the speaker accent matches the word dialect
or not, does not make a difference in terms of
accuracy in the lexical decision task. The coefficients
for the L2D1 model are presented in Table 4, and the
main effects of speaker accent and word dialect are
shown in Figure 7.
Table 4: Coefficients table for L2D1 model
glmer(acc~(1|subject)+(1|item)+accent+word,
binomial, data=L2D1).
(Intercept)
accent=aus
word=aus

Est.
2.37
1.34
0.29

SE
0.41
0.51
0.15

z
5.69
2.62
1.87

Pr(>|z|)
<.001 ***
0.008 **
0.061 .

The model for the bilingual and bidialectal L2D2
group did not return significant effects for either
speaker accent or word dialect. As seen in Figure 1,
this group is more accurate than the L2D1 group, and
the regression model shows that accuracy levels are
not affected by the accent or the dialect of the word.
Whether the speaker accent is congruent with the
word dialect also does not affect this group’s
accuracy. The L2D2 model coefficients are given in
Table 5.
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Est.
3.01
0.06
-0.07

SE
0.38
0.43
0.22

z
7.78
0.13
-0.34

Pr(>|z|)
<.001 ***
0.891
0.732

4. SUMMARY
This study demonstrates that monolingual and
bilingual as well as monodialectal and bidialectal
participants vary in their accuracy in a lexical
decision task that crosses word dialect and speaker
accent. Specifically, L1 speakers are most accurate on
matched word dialect and speaker accent items in
their native dialect. The match between word dialect
and speaker accent, however, is not important for L2
speakers. Bilingual monodialectal speakers are found
to be more accurate on the familiar word dialect and
speaker accent, but these two predictors are not
significant for the bilingual bidialectal group. These
results reveal a strong familiarity effect, while also
indicate that second language speakers are influenced
by the (in)congruency of word dialect and speaker
accent to a lesser degree than monolingual speakers
are, suggesting weaker ties between linguistic and
indexical information in an L2.
7. REFERENCES
[1] Bates, D., Maechler, M., Bolker, B., Walker, S. 2015.
Fitting Linear Mixed-Effects Models Using lme4.
Journal of Statistical Software, 67(1), 1-48.
<doi:10.18637/jss.v067.i01>.
[2]Cai, Z.G, Gilbert, R.A., Davis, M.H., Gaskell, M.G.,
Farrar, L., Adler, S., Jodd, J.M. 2017. Accent
modulates access to word meaning. Evidence for a

speaker-model account of spoken word recognition.
Cognitive Psychology 98, 73-101.
[3] Clopper, C. G., Bradlow, A. R. 2009. Free
classification of American English dialects by native
and non-native listeners. Journal of Phonetics 37(4),
436-451.
[4] Drager, K. 2011. Speaker age and vowel perception.
Language and Speech 54(1), 99-121.
[5] Hay J., Nolan A., Drager K. 2006. From fush to feesh:
Exemplar priming in speech perception. The
Linguistic Review 23(3), 351-379.
[6] Psychology Software Tools, Inc. [E-Prime 3.0]. 2016.
Retrieved from http://www.pstnet.com.
[7] R Core Team. 2017. R: A language and environment
for statistical computing. R Foundation for Statistical
Computing, Vienna, Austria. URL http://www.Rproject.org/
[8] Strand, E. A. 1999. Uncovering the role of gender
stereotypes in speech perception. Journal of Language
and Social Psychology 18(1), 86-99.
[9] Szakay, A., Babel, M., King, J. 2016. Social
categories are shared across bilingual’s lexicons.
Journal of Phonetics 59, 92-109.

3249

ACOUSTIC CHARACTERISTICS OF FOREIGN ACCENT IN L2 JAPANESE:
A CROSS-SECTIONAL STUDY
Misaki Kato1, Kaori Idemaru1 and Kimiko Tsukada2
1

University of Oregon, 2Macquarie University
misaki@uoregon.edu, idemaru@uoregon.edu, kimiko.tsukada@gmail.com
ABSTRACT
This study reports an exploratory analysis of the
acoustic characteristics of second language speech
that affect perception of a foreign accent. Japanese
speech samples were collected from native Japanese
speakers and native English learners of Japanese
across different instructional levels and learning
backgrounds. Native Japanese raters rated the speech
samples for foreign accentedness. While pitch accent,
articulation rate, and vowel duration influenced
perceived accentedness of the speech samples in
general, the relative importance of these acoustic
features varied across speaker groups. The current
results shed light on issues related to development of
second language speech, and the perceptual relevance
of the development as perceived by lay listeners.
Keywords: foreign accent, second language speech,
acoustic cues, Japanese.
1. INTRODUCTION

acoustic and perceptual relationship between
learners’ L1 and their target L2 sound systems [2, 5].
However, it is also possible that acoustic sources
of L2 learners’ accents change in the course of
learning the target language. While linguistic factors
that affect comprehensibility ratings (i.e., how easy it
is to understand the speech) differ for low-level vs.
high-level learners [10], we know very little as to
whether acoustic characteristics that affect perceived
foreign accents also vary for learners of different
proficiency levels. The current study investigates this
question by examining acoustic correlates of foreign
accents of L2 learners across various instructional
levels and learning backgrounds. The majority of
studies of foreign accents have examined English as
the target L2 [14, 18]. By examining Japanese as the
target language, the current study aims to broaden the
scope of foreign accent research.
2. METHOD
2.1. Speakers and speech materials

It has been well documented that adult second
language (L2) learners retain a discernible foreign
accent [16, 17, 20]. Understanding the nature of
foreign accents is important because the perception of
an accent can lead listeners to think that the speaker
is not understandable [13] and/or less credible [12],
even when the message is accurately conveyed.
While prior studies demonstrated that a broad
range of speaker characteristics (e.g., the onset age of
learning) possibly influence foreign accents [14, 18],
it is less clear what it is that we call a ‘foreign accent’
in the first place. In particular, it is not wellunderstood what acoustic components of non-native
speech give rise to the perception of a foreign accent.
Previous studies have demonstrated mixed results
regarding the acoustic sources of perceived foreign
accents. Some studies have reported a stronger
influence of segmental features over prosodic
features [21, 30], and others reported the opposite
pattern [1, 9, 11, 27, 29]. It is possible that some of
these divergent findings are due to the different
methodologies used in the studies, and also due to
speakers’ different first language (L1) backgrounds,
given that L2 speech learning is influenced by the
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Thirty one native English learners of Japanese, 10
heritage speakers of Japanese (see Table 1) and 10
native Japanese speakers provided Japanese speech
samples. All were residing in the US at the time of
testing. We recruited 10 beginning-level learners
from the first-year Japanese language course (7
females; henceforth, 1Y learners) and 21
intermediate-level learners from the second- (n = 10;
5 females) and fourth-year course (n = 11; 9 females;
henceforth, 2Y4Y learners). In addition to those
classroom learners, we recruited 10 heritage speakers
of Japanese (7 females; henceforth, HS). For these
heritage speakers, the age of acquisition of Japanese
was at birth or 1 year. Finally, we recruited 10 native
Japanese speakers (henceforth, NS), who were all
from Tokyo.
Stimuli were 6 short Japanese sentences (see
Table 2), chosen from a beginning level Japanese
course book and deemed appropriate for their length
and the range of segments included in them. The
aforementioned native English learners and heritage
speakers of Japanese, and native Japanese speakers
recorded the stimulus sentences in a sound-attenuated
booth, as they completed a delayed repetition task [6,
26] delivered via E-Prime [19]. A female native

Japanese speaker provided the model for all sentences
in the task. The order of the sentences was
randomized for each speaker. The recordings were
amplitude normalized to 75dB.
Table 1: Learner information in years with the
mean and the range in parenthesis.
Age
Age
of
acquisition
Length of
instruction

1Y
19 (18-19)
16.9 (1518)
1.56 (0-4)

2Y4Y
21.3 (19-26)
17 (14-21)

HS
20 (18-27)
.2 (0-1)

4.64 (1.5-9)

13.2 (2-27)

Table 2: Test sentences and translation (Long
vowels are underlined).
1. Tanoshii desu yo.
It is fun.
2. Kuruma ga kaitai desu.
I want to buy a car.
3. Nihongo no jisho ga hoshii desu ne.
I want to buy a Japanese dictionary.
4. Daigaku no tonari ni arimasu yo.
It’s next to the university.
5. Ashita wa eega o mitai desu ne.
I want to see a movie tomorrow.
6. Rokuji ni okimasu,
I get up at six o’ clock.
2.2. Raters and foreign accentedness rating task

Twenty three native Japanese speakers participated as
raters in the accentedness rating task, with 13 raters
residing in the US, and 10 raters residing in Japan at
the time of testing. The rating pattern showed strong
inter-rater reliability (ICC r = .995). Thus, all raters
were included in the analyses.
The recordings were presented to the native
Japanese raters in a foreign accentedness rating task
conducted via E-Prime. Prior to the task, participants
were told that they would hear productions by native
and non-native speakers. Each trial began with an
auditory presentation of a test sentence and a visual
presentation of an analog scale [15]. Raters were then
prompted to rate each sentence for a degree of foreign
accent by sliding the bar in the middle of the scale.
Raters could drag the bar anywhere between the
leftmost (0: “like a native speaker”) and the rightmost
(100: “extremely strong foreign accent”) points. The
order of sentence and speaker was randomized for
each rater. The rating task took approximately 30
minutes. The ratings were z-score normalized for
each rater.
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2.3. Acoustic measurements

Segmental features: The frequencies of the first and
second formants (F1 and F2) were measured in short
vowels [i], [e], [a], [ɯ], [o], and in long vowels [iː],
and [eː], at the vowel mid-point, using Praat 5.2.18
[3]. The vowel formants were then Lobanov
normalized to control for differences due to the size
of vocal tract [25]. The duration of stop closure and
voice onset time (VOT) were measured for [t] and [k],
using the standard reference points [8]. Each closure
and VOT duration was rate-normalized to the average
CV mora duration of each sentence to control for
talker-inherent speaking rate.
Prosodic features: As measures of global
linguistic rhythm, Varco∆V, V%, Varco∆C, and
nPVI were computed (see [9] for details of these
measurements). The long vowel duration divided by
short vowel duration (CVV/CV) was calculated as a
normalized measure of long vowel for the sentences
that included long vowels (i.e., sentences 1, 3, 5 in
Table 2). As a tonal measure, the Japanese Tones and
Break Indices (J-ToBi: [28]) was adopted to evaluate
pitch-accent and intonation patterns of the speech
samples. The target tones for the test sentences were
identified using the native Japanese productions as
the target. The learners’ tones that did not match the
target were counted as pitch-accent errors. Finally, as
fluency measures, pause duration and pause
frequency were measured for a silent period longer
than 100 ms [26]. Articulation rate (the rate of speech
without pauses) was computed for each sentence.
3. RESULTS
3.1. Relative importance of acoustic cues

We examined the relative contribution of the acoustic
variables to perceived accentedness in an exploratory
fashion, using Random forests [4, 24], implemented
by the party R package [22] with 500 trees. For a
discussion of these techniques in the context of
linguistics and sociolinguistics, see [24]. To examine
whether the importance of acoustic variables for
perceived accentedness persisted over different items,
sentences were added to the predictors; thus the
analysis was item-based, with each item (sentence)
contributing one data point. Variable importance was
computed via conditional permutation scheme, a
method that accounts better for collinearity [23].
Fig. 1 shows the relative importance of predictors
with all speaker groups collapsed (1Y, 2Y4Y, HS,
and NS). Only the top 10 predictors are shown. As the
figure shows, 3 of the 4 most important variables
were prosodic variables, with the pitch-accent error
being the most relevant. Other important prosodic
variables were CVV/CV (rhythm measure) and

articulation rate (fluency measure). The most relevant
segmental variable was F2 in [e]. These patterns are
consistent with [9], which examined intermediate
native English and Chinese learners of Japanese.
Figure 1: Relative variable importance of the top 10
variables based on a random forest analysis for all
speakers’ accentedness ratings.

salient for more advanced learners. Also, it is
noteworthy that variable importances were overall
much lower for 1Y and NS compared to 2Y4Y and
HS, suggesting that raters based their evaluations of
accentedness for 1Y and NS less straightforwardly on
the acoustic variables that we examined here.
3.2. The effects of learners’ backgrounds and acoustic
variables on perceived accentedness

Figure 2: Relative variable importance of the top 10
variables based on a random forest analysis for each
speaker group.

Fig. 2 reports the relative importance of predictors
separately for each speaker group. The figure shows
that the important variables were similar for 1Y and
2Y4Y. In particular, they shared many of the top 6
acoustic variables: articulation rate, CVV/CV (long
vowel duration/short vowel duration), V%
(proportion of vowel duration in a sentence), and
pitch-accent error, all of which were prosodic
variables. In contrast, segmental variables (e.g., F1 in
[iː]) were more important than prosodic variables for
HS. We note that sentence was the most important
variable for 1Y, but it was ranked lower for other
groups (e.g., the 6th for 2Y4Y). This seems to suggest
that the sentence-by-sentence variance in speech
materials affected 1Y learners’ accent the most, and
the influence of the sentences themselves were less
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As the next step, we examined the effects of the
important acoustic variables (selected based on the
exploratory analyses above) on perceived
accentedness across speaker groups. Five acoustic
variables were selected based on both overall analysis
and group-by-group analysis. Pitch-accent error
(error count per utterance), F2 in [e], CVV/CV
(duration ratio of CVV to CV, where VV is a long
vowel), and articulation rate (utterance duration in
milliseconds per mora) were selected because they
were the 4 most important acoustic variables emerged
from the overall analysis (Fig 1). Additionally, we
selected V% (percentage of the total duration of
vowels in utterance), which was another highly
ranked prosodic variable for 1Y and 2Y4Y (Fig. 2).
Since the maximum pitch-accent error varied across
sentences, we analysed by-speaker averages of the
acoustic variables.
Fig. 3 illustrates the correlations between these
predictors (5 acoustic variables and speaker groups)
and accent ratings, with each data point representing
a speaker. It is clear that the accent ratings differed by
speaker groups (right bottom panel): 1Y learners were
perceived to be the most accented, followed by
2Y4Y, HS, and NS. Further, the effects of some
acoustic variables on accent ratings seem to differ
across groups, indicated by slopes of the dotted lines.
For example, the effect of F2 in [e] seems greater for
2Y4Y and HS compared to other groups.
We then tested the effects of speaker groups, the 5
acoustic variables, and the interactions between the
speaker groups and acoustic variables, on accent
ratings. All the acoustic variables were mean
centered. The speaker group was Helmert-coded to
compare between 1Y vs. 2Y4Y (beginning learners
vs. intermediate learners), between the means of 1Y
and 2Y4Y vs. HS (classroom learners vs. heritage
speakers), and between the means of 1Y, 2Y4Y, and
HS vs. NS (learners + heritage speakers vs. native
speakers). These contrast-coded speaker group terms
were entered as the only predictors in the base model,
and they were significant predictors of accent ratings
[F(3, 47) = 85.03, p < .001, R2 = .83]. All the group
terms were significant predictors (p < .01).
The 5 acoustic variables were then added to the
base model using a step-wise method, first entering

the least important variable (Fig. 1), and then adding
the next least important variable, and so forth. All
variables significantly improved the model fit except
for F2 in [e]: V% [F(1, 46) = 6.93, p < .05, pη2 = .13],
articulation rate [F(1, 45) = 7.03, p < .05, pη2 = .16],
CVV/CV [F(1, 44) = 4.28, p < .05, pη2 = .09], F2 in
[e] [F(1, 43) = 3.87, p = .056, pη2 = .08], pitch-accent
error [F(1, 42) = 7.42, p < .01, pη2 = .15]. The
variance inflation factors of these predictor variables
were all less than 4, indicating the independent
contribution of each predictor. The interactions
between the acoustic variables and the speaker group
terms were then added to the model. The significant
effect was found in the interaction between pitchaccent error and the 1Y2Y4Y vs. HS group term [F(1,
41) = 8.17, p < .01, pη2 = .17].
These results demonstrated that group factors
explained a large amount of variability in the accent
ratings (R2 = .83), suggesting that native Japanese
listeners were sensitive to the differences in speakers’
characteristics (i.e., instructional levels and learning
backgrounds). Further, while 4 of the 5 acoustic
variables tested here (pitch-accent error, articulation
rate, CVV/CV, and V%) significantly influenced the
accent ratings in general, the effect of pitch-accent
error was greater for HL compared to 1Y2Y.
Figure 3: Correlation between predictors and
accentedness ratings. Lines are best-fitting linear
regression lines (dotted lines for different speaker
groups; solid lines for the whole data).

4. DISCUSSION AND CONCLUSION
This study explored acoustic sources of foreign
accents in L2 Japanese produced by native English
learners of different instructional levels and learning
environments. The results demonstrated that error in
the tonal pattern (pitch-accent and intonation) most
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strongly affected the degree of perceived foreign
accents when learner groups were pooled together.
Additionally, vowel duration measure (CVV/CV) and
articulation rate were also important, suggesting the
strong influence of prosodic features on perceived
accents of L2 Japanese in general.
In addition to these general patterns, we also
observed that the relative importance of these
acoustic variables differed across groups. There were
clear differences between classroom learners (first-,
second-, fourth-year learners) and heritage speakers;
prosodic variables influenced accents of classroom
learners more than segmental variables, whereas the
pattern was the opposite for heritage speakers (3.1).
While the influence of pitch-accent error was greater
for heritage speakers’ speech than classroom
learners’ speech (3.2), pitch-accent error mattered
less than vowel formant measures for heritage
speakers’ speech (3.1).
It is possible that learning Japanese prosodic
features are inherently more challenging than
learning segmentals for native English learners as [9]
argued. The L1 English and L2 Japanese differ
markedly in terms of prosodic systems, e.g., [7],
while L1 segmentals map fairly straightforwardly
onto L2 segments. This explains the general patterns
we observed for the pooled data as well as the results
of classroom learners (3.1); however, it does not
explain the pattern we observed with heritage
speakers. Why segmental features influence
perceived accents more than prosodic features for
heritage speakers’ speech is an open question.
It is also noteworthy that the effects of acoustic
variables on perceived accents were generally
different for first-year learners from other groups.
The weight of acoustic variables were overall low
explaining accent ratings of first-year learners (3.1).
Even the 4 most important acoustic variables (pitchaccent error, articulation rate, CVV/CV, and F2 in
[e]) did not seem to affect accent ratings, as the linear
regression lines were rather flat (Fig. 3). These results
suggest that the acoustic variables examined in this
study did not characterize the variation in perceived
accents in the beginning learners’ speech; yet their
speech was clearly more accented than intermediate
(second- and fourth-year) learners’ speech as
indicated by the rating scores. Further research is
needed to examine what other factors affect perceived
accents of beginning learners.
These findings provide a step forward in
understanding what makes an L2 speaker sound
foreign accented, and whether it differs depending on
speaker characteristics. We suggest that different
acoustic features may need to be targeted in
pronunciation instructions for learners with different
backgrounds.
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ABSTRACT
Infant-directed speech (IDS) and adult-directed
speech (ADS) are compared to test whether
laryngeal contrast is enhanced when mothers talk to
their infants against the backdrop of sound change
with respect to voice onset time in Japanese stops.
The results of a production study demonstrate that
voice onset time of initial stops is still a crucial
acoustic parameter for laryngeal contrast in Japanese
despite large overlap between the categories. Further,
it is revealed that mothers spread the innovative
pattern rather than enhance laryngeal contrast. Mean
F0s exhibit greater differentiation for voicing
distinction in IDS, offering implications for infants’
acquisition of laryngeal contrast in Japanese.
Keywords: Laryngeal contrast, voice onset time,
infant-directed speech, enhancement, Japanese.
1. INTRODUCTION
Human infants must learn the acoustic cues that
differentiate contrasting sounds in a language. One
of the challenges they encounter can be varying cues
in the input across generations if there is an ongoing
sound change. Recently, an apparent change-inprogress was reported with respect to voice onset
time (VOT) of initial voiced stops in Japanese, that
is, lack of pre-voicing among younger speakers ([6,
15]). This leads us to question whether the shift of
VOT was reflected in infant-directed speech (IDS)
as well, which is the primary speech input for infants’
language acquisition.
IDS is often characterized by “hyper-articulation”
because this particular speech style exhibits higher
pitch [5], larger pitch range [4, 5], or expanded
vowel space [2]. More important, it has often been
believed that IDS is clearer and enhances certain
features to improve the learnability of contrastive
sounds when they talk to their infants. Given the
general characteristics of IDS, Japanese provides an
interesting testing ground for the possibility that
mothers still exhibit pre-voicing when they talk to
their infants to facilitate learning of the laryngeal
contrast by making acoustic differences more salient.
With respect to this particular acoustic dimension,
however, conflicting results have been reported even
in the same language. For instance, in comparing
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VOT in IDS and adult-directed speech (ADS) in
English, Burnham et al. [3] and McMurray et al.
[10] find that voicing contrast is enhanced, whereas
Baran et al. [1] and Synnestvedt [14] fail to find any
enhanced contrast in IDS.
In Japanese, acoustic characteristics of laryngeal
contrast in IDS have rarely been discussed. Recently,
Hwang et al. [7] examined VOTs of utterance-initial
stops using an IDS corpus of spontaneous speech.
They demonstrated that VOTs are less differentiated
in IDS by producing significantly shorter VOTs for
voiceless stops, implying that IDS does not
necessarily facilitate the perceptual development of
infants. However, spontaneous speech is not
controlled by nature; the frequencies of stops
between voiced and voiceless categories, or the
occurrence of different places of articulation, are
imbalanced [16]. Further, other potentially important
cues are not investigated, such as the F0 or voice
quality of following vowels. Thus, this study
explores initial stops of words in citation, which is a
typical situation when a mother teaches her infant
novel words. This study also aims to provide more
comprehensive data by considering various acoustic
dimensions involving vocalic cues.
Specifically, the following questions are
addressed regarding laryngeal contrast in Japanese;
1) Have stop VOTs shifted in maternal input as
well? Or do mothers still yield pre-voiced stops
prevalently in IDS to facilitate learning of voicing
contrast in citation speech? 2) If IDS indeed
involves facilitative function, what acoustic
dimensions are enhanced in Japanese? 3) Given the
VOT shift, what are the acoustic correlates of
voicing contrast for initial stops?
2. METHODS
2.1. Materials

Three minimal pairs, which began with bilabial
stops, were recorded. 1 In constructing the test
materials, accentedness, the location of the accent,
and word length were controlled; the target
consonants were initial stops of accented morae in
bi- or tri-moraic words. Tested minimal pairs are
given in Table 1 below.

Table 1: Target minimal pairs.

baɾi
bentɕi
bo:ɾɯ

Voiced
‘Bali’
‘bench’
‘ball’

Voiceless
paɾi
‘Paris’
pentɕi ‘pliers’
po:ɾɯ ‘poll’

2.2. Participants and recording

Participants were 21 mother-infant dyads. Mothers
ranged in age from 29 to 42 (mean: 35.5 years), and
their infants were either 5 months (13 infants, 9
girls) or 9 months (8 infants, 4 girls) old. All
speakers were born and grew up in Tokyo or its
surrounding areas and had no history of speech
impairment.
All recordings were made in a sound-attenuated
room. A mother wearing a head-mounted
microphone interacted with her infant (IDS) or with
an experimenter (ADS) using a set of pictures of the
target words. Participants were instructed to give
natural renditions at a comfortable speed. Each
target word was repeated five times.

voiced stops exhibited pre-voicing in ADS and IDS,
respectively. While only one speaker produced prevoicing more than half of the time regardless of
speech register, three more speakers yielded prevoiced stops more than half of the time only in ADS.
Voiceless stops, on the other hand, showed
intermediate values between short- and long lag. As
shown in Figure 1, a large overlap between the
categories was observed in both ADS and IDS.
Overall, the VOT distribution of initial stops was
extremely similar regardless of speech register.
Figure 1: VOT distribution of voiced (circles) and
voiceless (crosses) in ADS (top) and IDS (bottom).

2.3. Measurements

VOT and segment boundaries were manually
marked on each token. Two duration measures, VOT
and duration of vocalic portions; one pitch measure,
mean F0; and two phonation measures, H1-H2
(relative amplitude of first two harmonics) and H1A1 (relative amplitude of first harmonic to first
formant) were made by implementing a Praat script
[17]. The pitch and phonation measures were
calculated at the onset 25 ms of following vowels. A
total of 1260 tokens were obtained (6 words * 2
registers * 5 repetitions * 21 mothers), and 1203
tokens were further analyzed. Fifty-seven tokens
were excluded before the analysis due to invisible
stop burst, noise, or disfluency.
3. RESULTS
Acoustic characteristics of different speech registers
were compared by conducting linear mixed-effects
analyses. Register (ADS, IDS), voicing (voiced,
voiceless), and infant age (5 months, 9 months) were
entered into the model as fixed effects, and the
speaker and item were entered as random effects.
Because infant age was not significant in all the
parameters, it will not be further discussed in the
results.
3.1. VOT

The majority of voiced stops were realized with
short-lag VOTs. Approximately 23% and 16% of the
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Statistical analyses revealed that voicing was
significant (β = −14.88, t = −25.52, p < .0001*),
whereas register did not reach significance (β =
−0.56, t = −0.96, p=.33). Interestingly, the
interaction between voicing * register was
marginally significant (β = −1.16, t = −2.00, p =
.0462*). While no significant difference was found
for voiceless stops (32.62 ms in ADS vs. 31.42 ms in
IDS), VOTs were slightly longer in IDS for voiced
stops (0.54 ms in ADS vs. 3.98 ms in IDS), contrary
to the hypothesis of enhancement.
3.2. Parameters in vocalic portion

Figure 2 demonstrates average vowel duration (ms)
and mean F0 (Hz) of the two stop categories in both
speech registers. Vowels after voiced stops were
fairly longer than those after voiceless stops in ADS
(204 ms after B vs. 182 ms in after P). On the other
hand, vowels in IDS were considerably longer than
those in ADS regardless of the voicing categories
(193 ms in ADS vs. 256 ms in IDS). Statistically,

register (β = −32.48, t = −17.60, p < .0001*) and
voicing (β = 6.27, t = 3.40, p = .0007*) as well as
their interaction (β = 4.27, t = 2.31, p = .0209*) were
significant. While IDS vowels were significantly
longer, the difference between voicing categories did
not reach significance, showing that voicing contrast
was less differentiated in IDS in this temporal
dimension.
Figure 2: Average vowel duration (left) and mean
F0 (right) in ADS (solid bars) and in IDS (striped
bars). Error bars indicate standard errors.
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H1-H2 was greater after voiceless stops than after
voiced ones (5.7 dB in B vs. 8.0 in P) and in IDS
than in ADS (6.1 dB in ADS vs. 7.7 dB in IDS),
indicating that voiceless stops and IDS were
breathier than their counterparts. However, their
interaction was not significant (β = -0.16, t = -0.72,
p=.4691).
Concerning H1-A1, there was a significant effect
of register (β = −0.60, t = −2.16, p < = .0306*) and
voicing (β = −1.57, t = −5.66, p < .0001*). Voiceless
stops yielded greater values than voiced ones (8.9
dB after B vs. 12.1 dB after P), and IDS than ADS
(9.9 dB in ADS vs. 11.1 dB in IDS). However, the
interaction of voicing and register was not
significant (β = 0.44, t = 1.60, p = .1088). Both
phonation parameters exhibited similar results not
only with respect to overall patterning but also with
respect to the lack of enhancement in IDS.
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As for mean F0, voiceless stops yielded higher
mean F0 than their voiced counterparts across
speech registers (211 Hz after B vs. 245 Hz after P).
The effect of voicing on mean F0 was significant (β
= −17.06, t = −20.91, p < .0001*). Moreover, IDS
was produced with higher mean F0 than ADS (222
Hz in ADS vs. 236 Hz in IDS), revealing a robust
effect of register on F0 (β = −6.51, t = −7.99, p <
.0001*). Crucially, the interaction between voicing
and register was significant (β = 3.31, t = 4.06, p <
.0001*). The difference between the voicing
categories was significantly greater in IDS (28 Hz in
ADS vs. 40 Hz in IDS). This result showed that
voicing contrast was indeed more differentiated in
IDS, supporting the enhancement hypothesis.
Regarding the phonation measures, average H1H2 (dB) and H1-A1 (dB) are demonstrated in Figure
3. As for H1-H2, there was a significant main effect
of voicing (β = −1.09, t = −4.94, p < .0001*) and
register (β = −0.77, t = −3.47, p = .0005*).
Figure 3: Average H1-H2 (left) and H1-A1 (right)
in ADS (solid bars) and IDS (striped bars).
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4.1. Shift of VOT

The results revealed that even in citation speech,
mothers do not enhance contrast by producing prevoiced stops prevalently when they talk to their
infants. This indicates that the VOT target of voiced
stops in Japanese has already shifted in maternal
input as well. This finding is consistent with Hwang
et al.’s [7] report that the laryngeal distinction in
Japanese is not enhanced but less differentiated in
this acoustic dimension in spontaneous speech. Thus,
it appears evident that the VOT target of voiced
stops has changed to a positive value across different
speech styles and registers.
4.2. Enhancement of contrast in IDS

Do Japanese mothers not facilitate learning of
voicing contrast in citation speech at all? The results
revealed that the laryngeal contrast in Japanese is
indeed enhanced in one dimension: mean F0. It may
be the case that the tonal difference is salient and
readily manipulatable by mothers.
On the other hand, no difference or less
differentiation between the voicing categories in IDS
was observed both in temporal dimensions, that is,
VOT and vowel duration, and phonation measures,
that is, H1-H2 & H1-A1. While vowel duration was
remarkably longer in IDS, the differences between
the voicing categories were lost because both
categories were associated with longer vowels.
Similarly, both phonation measures did not yield
enhanced distinction in IDS, whereas both revealed
IDS was breathier than ADS, corroborating a
previous finding in spontaneous speech of Japanese
([12]). Perhaps these parameters are modified in IDS

mainly for other functions such as expressing affect
or regulating infants’ attention at the cost of
enhancing laryngeal contrast. It has been widely
acknowledged that IDS is used not only for
facilitating infants’ language development but also
for encouraging, rewarding, or regulating the arousal
level of infants ([5, 9]), or expressing positive
emotion ([13]).
4.3. Cues to laryngeal contrast in Japanese

Given the large VOT overlap between the two
categories, a question arises as to the acoustic
correlates of the laryngeal contrast in Japanese. The
data showed that utterance-initial voicing has a large
effect on F0 and voice quality in the following
vowel. In considering the results of the production
experiment, it is conceivable that the VOT change is
nearly completed, and additional cues such as F0
and phonation cues play an important role. This
finding confirms the observation reported in
previous studies that voiceless stops yield higher F0
([6, 10]) and greater H1-H2 values ([10]) in
Japanese. It is worth noting that cross-linguistically,
the emergence of phonation or particularly tonal
cues to voicing contrast is not uncommon [8].
With respect to language acquisition, similar
VOT targets between the categories and presumably
varying cues across generations exacerbated by the
lack of enhancement in most of the acoustic
dimensions require that infants develop a finer
attunement to learn voicing distinction. This implies
that acquisition of voicing contrast may be delayed
in Japanese, which is supported by a behavioral
experiment in previous research [7].
5. CONCLUSIONS
This paper discussed the Japanese laryngeal contrast
in different speech registers with special attention to
the shift of VOT observed in voiced stops. The
careful comparison between ADS and IDS
attempted to better understand the nature of maternal
input and to explore acoustic correlates of voicing
contrast in Japanese.
The results of the present study demonstrate that
the VOT shift is nearly completed at least among
female speakers of this age group, and mothers
spread this innovative pattern even when they say
words in isolation to their infants. It is also revealed
that the only dimension that is enhanced in IDS is
mean F0 among the five acoustic parameters. The
lack of enhancement in certain dimensions can be
attributed to nonfacilitative function of IDS,
including communication of affect or regulation of
arousal level of infants. Further, the findings provide
empirical evidence to support the emergence of F0
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and phonation cues together with VOT to voicing
distinction regardless of speech register.
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ABSTRACT
Korean stops have undergone a tonogenetic sound
change whereby the reduced voice onset time (VOT)
differences between aspirated and lenis stops have
been replaced by the enhanced fundamental
frequency (F0) distinction. Yet, the actual
distributions of various cues available in the input to
young infants have not been well documented. The
present study examined acoustic characteristics of 33
Korean mothers’ production of three-way laryngeal
stops in infant-directed and adult-directed speech.
On average, Korean mothers today represent the
generation that has already gone through tonogenesis
– aspirated and lenis stops were distinguished with F0,
not with VOT. Yet, individual mothers varied widely;
with some mothers clearly showing tonogenetic
changes while others are still producing traditional
cue patterns. We will discuss the possibility that this
on-going shift in the use of cues for these stops may
contribute to a delay in Korean infants’ ability to
discriminate lenis and aspirated stops.
Keywords: tonogenesis, Korean, diachronic change,
IDS, ADS
1. INTRODUCTION
In the past few decades, Korean has undergone a
diachronic change, with this change mainly occurring
in Seoul Korean followed by other dialects [1]. The
change is a tonogenetic one specific to the pair
between the lenis and aspirated stop because the pair
used to be distinguished mainly by the VOT
difference but the difference has been reduced and F0
difference has been enhanced in its place [2, 3, 4, 5].
The pattern of this tonogenetic change and its
potential cause have been relatively well documented
in recent years, showing that the change has been
driven mostly by female speakers of younger
generations born after 1970s [2, 3, 5] and that the high
frequency words have driven these effects [6].
However, little is known about the input
characteristics to young Korean-learning infants with
regard to this diachronic change. Although it has been
reported that the tonogenetic change in Seoul Korean
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is mostly complete [1], mothers might still present
both the primary and secondary cues for distinction in
an exaggerated manner when they speak to their
young infants, unlike their speech to other adults. Or
it is possible that the tonogenetic change has taken its
place regardless of the context such that the mothers
speak in the same manner whether they speak to
young learners or other adults.
There has been one report on the characteristics of
cue distribution in infant-directed speech (IDS) as
compared with adult-directed speech (ADS) in
Korean [7]. When the distribution of VOT and F0 was
examined from the recordings of 36 mother-infant
interactions (3 age groups of infants, 0, 1, & 2 years
of age) under natural free play setting, VOT
difference between lenis and aspirated pair was larger
in IDS than ADS for all three age groups whereas F0
enhancement was only observed in IDS to 2-year-olds
[7]. Furthermore, the VOT difference was not much
different between fortis and lenis for IDS compared
with ADS. This suggested that mothers tended to
modulate the VOT cue even for the stop pair that has
undergone the tonogenetic sound change when their
infants are younger than 2 years. However, it was
already several years ago when the data reported in
this paper was collected, and it is possible that the
shift has proceeded even further. Considering the
speed in which tonogenesis seems to be progressing,
additional documentation in similar context (i.e., IDS)
a few years apart could provide valuable insight into
this historical shift in Korean language.
Furthermore, according to a recent study [4],
Korean-learning infants have difficulty with
discriminating lenis from aspirated stops until about
10-12 months of age, showing quite a delayed
development of perception for this pair. The VOT
differences between the two stops were clear in the
sound stimuli presented to these infants and yet, the
infants younger than 10 months of age did not appear
to be able to utilize the VOT cue differences in their
discrimination. However, even 4-6-month-olds were
successful in utilizing the VOT cue in distinguishing
aspirated from fortis stops, the pair that has not been
affected by the tonogenetic sound change [6]. This

Table 1: Korean words used in the production task.

Korean
두
뚜
투

IPA
tu
t*u
h

tu
ku
k*u

구
꾸
쿠

h

ku
Pu
p*u

Place
Alveolar
Alveolar
Alveolar

Category
Lenis
Fortis
Aspirated

Velar
Velar
Velar

Lenis
Fortis
Aspirated

onset C was one of the nine Korean stops, and V was
the vowel /u/ (see table 1). All selected target words
were pseudowords.
Mothers were instructed to repeat each word five
times in ADS and IDS (i.e., speaking to their infants).
To ensure that the target words were produced in the
same prosodic context in both speaking styles, the
mothers produced each target word in a carrier
sentence as below:

Labial
Lenis
부
Labial
Fortis
뿌
h
Labial
Aspirated
푸
pu
pattern of Korean infants’ development of three-way
stop perception suggested a likelihood that their
development is partly affected by the shift in the cue
use and mixed nature of cue distribution in their input
in IDS, ADS, and other speakers’ speech (e.g., grand
parents’ use of these cues).
The present study examined how current Korean
mothers produce laryngeal stops in the context of
tonogenesis when they speak to the infants as
compared with their speech to other adults. If the shift
in the cue use has been on-going so that the
characteristics might have shifted even more since the
report made by [7], we might observe more shift in
the cue distribution in IDS compared with the one
reported earlier. Additionally, we attempted to
examine individual mothers’ pattern of change in the
cue use. No studies thus far have looked at to what
extent an individual speaker reflects the diachronic
change in their speech, especially when they
modulate their cues depending on the listeners’
characteristics.
2. DATA & METHODS
2.1. Participants

We recorded the laryngeal stops produced by 33
mothers whose age ranged from 25 to 40 years (mean
= 32.2 years) but their infants were all 7 to 9 months
olds. Among these, 24 mothers grew up and currently
reside in Seoul, 5 mothers grew up in GyungSang
regions, and 4 mothers grew up in other provinces
(such as Jeolla (n=2), Gangwon (n=1), ChungCheong
(n=1)) but has lived in Seoul during their adulthood.
2.2. Procedure

The mothers were taken into a small, sound-treated
room. They were then provided with a set of target
words. The target words used for recordings were
chosen to elicit the nine Korean stops (aspirated, lenis,
and fortis stops at three places of articulation). A total
of 9 target words had an initial CV syllable, where the
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1.1. ADS: ikʌsɨn (target word) lako hapnita.
1.2. IDS: ikʌsɨn (target word) le.
‘This is ____.’
Some mothers did not utter certain target words or
repeated each word four times only. As a result, a total
of 2,933 tokens were obtained, 1,470 for ADS and
1,463 for IDS. The utterances were recorded using a
portable Marantz digital recorder (PMD 661MKII)
and a head-mounted microphone (Shure SM15A).
2.3. Measurements

For each of the tokens obtained, two acoustic
properties encoding Korean stop contrasts were
measured using PRAAT [8]. VOT was measured as
the time duration between the point of stop burst
release and the onset of the following vowel. The F0
was measured by converting the average wavelength
of the first 25 milliseconds of the vowels.
3. RESULTS
3.1. Acoustic characteristics of the maternal input

First, we report the overall characteristics of VOT and
F0 produced by the mothers in the present study.
Figure 1 shows the distribution of VOT (left panel)
and F0 (right panel) values for each stop category
(aspirated, lenis, and fortis), split by speech register.
In both IDS and ADS, the VOT of fortis was shorter
than the other two categories. The VOT range for the
lenis stops overlapped almost completely with the
ranges from the aspirated stops in both ADS and IDS
speech types. Additionally, we analysed VOT
differences between each pair by speech register (see
Table 2). The VOT difference between aspirated and
lenis was not significantly different by speech style
(F(1,32) = 0.21, MSE = 60.29, p = .651). Further
comparisons showed that the VOT differences
between the fortis and lenis stops (F(1,32) = 32.44,
MSE = 56.748, p < .01) and between the aspirated and
fortis stops (F(1,32) = 31.47, MSE = 49.23, p < .01)
were significantly different by speech style,

Figure 1. Distribution of VOT and F0 cues in three stop categories (top panel: aspirated, middle panel: lenis, & bottom
panel: fortis) produced by Korean mothers in ADS (left panels in each) and IDS (right panels in each). Vertical lines
indicate mean values.

indicating that the differences were greater in IDS
than ADS when they involve the fortis category.
The distribution of F0 values showed that
aspirated and fortis stops were overall higher than
lenis stops. A repeated measures ANOVA revealed
that the F0 difference between aspirated and fortis
was not significantly different by speech style (F(1,32)
= .402, MSE = 217.743, p = .531). The F0 differences
between the fortis and lenis stops (F(1,32) = 11. 46,
MSE = 737.308, p < .01) and between the aspirated
and lenis stops (F(1,32) = 15.60, MSE = 657.359, p
< .01) were significantly different by speech style.
Thus, mothers were more likely to produce more
distinctive F0 cues to differentiate the aspirated and
lenis pair, and fortis versus lenis pair when they speak
to their infants as compared with other adults.
Consistent with previous IDS research [9], the
tokens in IDS distributed more widely which suggests
that Korean mothers tend to provide more variable
tokens of stop categories to their infants. Interestingly,
however, Korean mothers selectively enhanced the
relevant cues for particular sound pair. For instance,
they enhanced VOT differences by about 10ms in
IDS for the aspirated-fortis pair where the VOT
serves as the primary cue for distinction. By
comparison, F0 cue differences were overall
Table 2: Mean differences in VOT and F0 among the
three sound pairs between ADS and IDS register.
Comparison pair

mean

Aspirated & Lenis
ADS 3.17
IDS 2.3
Fortis & Lenis
ADS 57.73
IDS 68.29
Aspirated & Fortis
ADS 60.9
IDS 70.59

VOT (ms)
SD

F

F0 (Hz)
mean
SD

F

10.24
12.29

0.208

68.46
93.39

26.15
47.16

15.60**

13.68
17.46

32.44**

49.52
72.15

29.21
45.3

11.46**

14.52
16.59

31.47**

18.94
21.25

20.44
24.59

0.402

** p < .01
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enhanced for the lenis-aspirated and the fortis-lenis
pairs where the F0 is useful in their discriminations.
3.2. Individual differences in how mothers speak the
three-way laryngeal contrasts: modern way vs.
traditional way

Second, we examined the variability in production
of VOT and F0 cues among these mothers. According
to Kang [3], the estimated VOT differences between
the aspirated and lenis stops were 5.56ms for speakers
born in 1984. Also, Kong and her colleagues [4]
showed the estimated F0 differences between the
aspirated and lenis stops were about 75 Hz (cf. Fig. 2
in [4]). Based on the average differences in VOT and
F0 cues produced by each mother, we separated them
into two groups: (1) those who produce the cue “the
modern way” and (2) those that produce the cue “the
traditional way.” The criterion for VOT for this
division was 5.56ms: if the mothers on average
produced the VOT difference shorter than 5.56ms
they are considered as producing the cue “modern
way” but as “traditional way” if the difference was
larger than 5.56ms. Similar approach was applied to
the use of F0 cue, so using the cutoff 75Hz, those
mothers that produced the F0 difference between
aspirated and lenis greater than 75Hz were considered
producing the cue “a modern way” and vice versa for
other mothers.
Table 3 shows the distribution of individual
mothers based on their unique cue production pattern.
Among 33 mothers, 20 mothers (60%) produced
VOT in the modern way whereas 13 of them still
produced VOT difference in the traditional way.
Somewhat surprisingly for F0, only ten mothers (30%)
produced the difference in line with the recent change
but 23 of them (70%) still produced F0 difference less
than 75Hz, following the traditional pattern. Mothers
who produced both VOT and F0 reflecting the

Table 3: Individual cue use pattern in Korean mothers’ production of laryngeal contrasts.

N
%
Mean Age
Grew up Region
Seoul
GyungSang
Other

VOT
Modern Way Traditional Way
20
13
60%
40%
31.7
32.9
16
2
2

F0
Modern Way Traditional Way
10
23
30%
70%
32.9
31.9

8
3
2

7
2
1

17
3
3

Both VOT and F0
Modern Way Traditional Way
5
8
15%
24%
32.6
32.8
5
0
0

7
1
1

Note: VOT difference < 5.56ms & F0 difference > 75 Hz between lenis and aspirated pairs considered ‘modern.’

complete tonogenetic change were relatively minor,
consisting of 15% of the total (n=33). Furthermore,
the age of the mothers and their exposure to different
dialects during childhood did not seem to matter
systematically.
These results showed that Korean mothers were
not monolithic in producing their stop contrasts,
showing that some mothers were still producing VOT
and/or F0 cues in the traditional ways. It also showed
that the shifts in VOT were not always accompanied
by F0 shifts within an individual: in fact, shifts in
VOT seems to be occurring ahead of F0 shifts. These
results may be an indication that the process of
tonogenesis is yet to be completed in terms of the
input provided for Korean learning infants today.
3.3. Do dialects matter?

Third, we analysed the effects of dialects. As it has
been reported that the tonogenesis occurred earliest in
Seoul first [1], it could be the case that mothers who
grew up outside of Seoul produce stop contrasts
differently from those who grew up in Seoul.
To test this possibility, we examined the effect of
mothers’ dialects (Seoul, GyungSang, & Other, we
combined the rest into other) on the magnitude of
VOT and F0 differences on each pair, using a
repeated measures ANOVA. But no significant
effects of dialects were observed (Fs <2.37, ps > .11)
across all pairs, except that the F0 difference between
the aspirated and fortis pair was marginally
significant by dialects (F(2,30) = 2.941, MSE =
717.587, p = .068).
Although we need to be cautions in interpreting
the results as we only had a limited number of
participants, the results thus far suggest that mothers
who grew up in other areas than Seoul did not differ
much from those who grew up in Seoul in the way
they enhanced the cues that are relevant for the
discrimination of stop contrasts in IDS.
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4. DISCUSSION
The present paper examined how mothers of Korean
learning infants today produce three-way stops. As
Korean is going through the process of tonogenesis in
their speech, it is crucial to understand the nature of
input from which Korean learning infants are to learn
the laryngeal contrasts in stops.
First, we observed that Korean mothers’ use of
VOT and F0 cues has changed further in recent years,
compared with prior report [7]. The mothers of 7-9month-olds in our data selectively enhanced VOT
differences for fortis-lenis & fortis-aspirated pairs
and F0 differences for lenis-aspirated pair, showing
that mothers tended to enhance relevant cues for
specific pair discrimination.
However, it is important to point out that the
variability of acoustic cue distributions in IDS was
quite large. And the mothers varied in their
production of VOT and F0 cues, some showing
complete change while others do not. This is
consistent with previous studies [9, 11] in many other
languages where IDS speech are more variable in
almost every measure that has been investigated.
Furthermore, we need to be cautious in interpreting
our results because our participants were mostly
Seoul Korean speakers and their speech was elicited
one, unlike [7]. As pointed out by [11], spontaneous
speech would differ and be more variable in acoustic
characteristics. Our tokens were also nonsense
syllables and therefore, it was possible that our data
was limited to fully observe the change because
frequent words are the ones driving the sound change
[3]. Future studies will need to address these issues.
Overall, our findings suggest that tonogenesis is
still an on-going process for infants learning Korean.
And the input to Korean-learning infants is likely
mixed with speakers of different generations, speech
styles, and other potential factors, such as word
frequency.
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ABSTRACT
Recent findings have shown age-related and possibly
sex-related shift in stops’ VOT values in some Asian
languages (e.g., Japanese and Korean). This study
examines VOT modifications of Thai stop contrasts
(/b/, /p/, and /ph/) in infant directed speech (IDS). Ten
Thai mother-infant dyads were recruited; infants were
from two age groups: 4–6 and 8–10 months. The
mothers produced repetitions of target syllables in
carrier sentence while interacting with their infant and
later with experimenter (ADS). Durational measures
were taken from the stops and the following vowel.
Durational differences in IDS vs. ADS of same
mothers within each group (younger vs. older infants)
were compared. Vocalic differences (longer in IDS)
were significant in all factors. Overall, VOT
differences in IDS vs. ADS were non-significant, but
slightly wider interquartile range and more instances
of varied phonetic realizations were observed in IDS,
such as “bleed” in [b] and fricated stop in [ph].
Keywords: infant directed speech, mothers, stops,
Thai, voice onset time (VOT)
1. INTRODUCTION
1.1. Changes in progress for stop voicing contrasts in
Japanese and Korean

stops), in phrase-initial position there is a VOT
contrast reduction between lax and aspirated stops
while F0 has become a more important cue. Again, it
appears that the shift is more advanced among young
female talkers [2, 21].
1.2. Modifications and phonetic variability in IDS

Substantial body of research has reached general
agreement that speech directed to infants (and to
young children) is modified in many ways and differs
considerably from speech directed to adults [9, 13,
14]. In current literature, the speech modifications
have manifested in the form of hyper and hypoarticulation, phonetic cue enhancement, and some
degree of phonetic/phonological variation. It has been
shown that prosodic modifications [10] and
enhancement of phonetic cues in vowel quality [12,
19] are common in IDS. Fewer studies have looked at
segmental aspects of IDS. Sundberg and Lacerda
(1999) investigated VOT production in IDS in
Swedish and reported some degree of non-canonical
phonetic realizations (e.g., fricated stops) in IDS as
well as ADS [22]. Interestingly, Foulkes et al. (2005)
examined the use of variant (t) in Tyneside (England)
and found that patterns of phonetic variants of (t)
were present in child directed speech (CDS), but
differed from those in ADS [11].
1.3. Variation of VOTs in IDS

Among many acoustic cues for stop voicing contrasts
(i.e., F0, vowel duration), VOT values have been the
most widely studied and have played a significant
role in differentiation of voicing contrasts [1, 7, 15,
20]. Recently, a number of studies in languages such
as Japanese and Korean have reported changes in
progress with regards to stop contrasts and shifts in
VOT values. In several dialects of Japanese (voiced
vs. voiceless contrast), there are regional and
generational shifts with voiced stop from voiced to
“devoiced” in young speakers, especially greater
among female speakers [23, 24]. In Korean (Seoul
dialect) (tense (or fortis), lax (or lenis), and aspirated
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Voicing contrasts in terms of VOT values in IDS (vs.
ADS) have been documented in a few studies with
somewhat mixed and inconclusive results. For
English, Malsheen (1980) reported a significant
overlap reduction in a subset of data [17] while Baran
et al. (1977) found overall adult-like VOTs in IDS [3].
On the other hand, Swedish voiced and voiceless
stops showed significantly shorter VOTs in IDS than
in ADS [22]. Moreover, recent findings from Nepali
stops (a four-way contrast) showed hypo-articulated
trends in IDS in voiced and voiceless stops [4].

were of two age groups: 4–6 months (2 girls, 3 boys)
and 8–10 months (2 girls, 3 boys).

2. THAI STOPS
Thai three-way stop contrasts (voiced: /b/ /d/,
voiceless unaspirated: /p/ /t/ /k/, and voiceless
aspirated: /ph/ /th/ /kh/) have been a focus of many
pioneering research and extended studies on VOTs
[7, 15, 20]. However, little is known as to whether
VOTs in Thai stops vary as a function of phonetic/
phonological context, speech register, and
sociolinguistic variable.
2.1. VOT and contrastive vowel length

Stability of VOTs in Thai voiceless stops across
phonemic vowel length (long vs. short) context has
been reported in [18]. Despite the fact that Thai long
vowels are generally twice as long the short
counterparts, phonemic vowel length did not show
any significant influence on preceding VOT.
2.2. Variation of (kh)

Chalermsanyakorn (2000) investigated variation of
(kh) which exhibits two variants: [kh] (standard form)
and [kxh] (fricated stop). The latter appeared more
frequently in stressed position, when followed by
/i(i)/, and more prevalent among younger speakers
(sex was not a research variable) [6].
The present study is part of a larger cross-linguistic
investigation of stops in Asian languages (Japanese,
Korean, and Thai). Given the gaps in previous
research, the current study was set out to explore
VOT modifications of Thai stop contrasts: /b/, /p/,
and /ph/ among young Thai females in IDS vs. ADS.
Moreover, non-canonical instances of the stops were
examined and categorized.
3. METHOD
3.1. Experimental setup

3.1.1. Speech materials
A few sets of monosyllabic pseudowords were
constructed focusing on initial stops and lexical tones.
For this study, [bee], [pee], [phee], all carry mid tone,
were analyzed. Each target word was produced in a
stressed and non-final position within a carrier
sentence. [nii ___kha luuk/ tak].
3.1.2. Thai mother-infant dyads
Ten Thai mother-infant dyads were recruited and
participated in an infant perception study prior to
recording session. The mothers were ranging in age
from 24–38 years old (M = 32.5 years). The infants
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3.1.3. Recording procedure
In a sound-attenuated room, each mother wore a
head-mounted microphone and was recorded (on
TASCAM DR-100MKIII Linear PCM Recorder)
while sitting and interacting, using a set of attractive
toys labeled with the target words (identical toys and
labels for all mothers), with their own infant (IDS)
and then later with an experimenter (ADS). The
experimenter was present at all times, the infant was
only in the room during the IDS recording. The
mothers were asked to naturally produce a series of
carrier sentences. Each contains a target word and is
repeated at least five times. They were allowed to
practice before the real recording began. Speaking
rate was not directly controlled since the mothers
were encouraged to talk comfortably at their normal
speaking rate. It should be noted that the mothers’
IDS was generally slower than their ADS. A more
natural way to elicit IDS data is possible, but here our
intention was to maintain similar phonetic contexts
across IDS and ADS recordings.
3.2. Acoustic analysis

Durational measures for initial stop’s VOT and the
following vocalic portion of 300 speech tokens (3
targets × 5 repetitions × 2 registers (IDS vs. ADS) ×
10 mothers) were taken manually using Praat
computer software [5]. VOT measurements followed
guidelines proposed in [1, 8].
Second and (sometimes) third coders took part in
analysis of non-canonical instances. A number of
tokens (19 out of 300; 6.3%) were excluded from our
quantitative analysis because of one or more of the
following factors:
 Disfluency (1% in [b] ADS). Pause or filled
pause was inserted before the target word.
 Lack of pre-voicing in [b]. See section 5.2.1.
 Fricated stop in [ph]. See section 5.2.2.
 Incomplete closure in [ph] See section 5.2.2.
 Voicing in [ph]. See section 5.2.2.
.
4. RESULTS
A three-way repeated measures of Analysis of
Variance was conducted for VOT, and another for
vowel duration where Register (IDS vs. ADS) and
(Voicing) Type (/b/ vs. /p/ vs. /ph/) as within
subject factors and Infant Age (4–6 months vs. 8–
10 months) as a between subject factor.

Durational measures of initial stop’s VOT and the
following vowel taken from [bee], [pee], and
[phee] in IDS vs. ADS (averaged across two infant
age groups) are shown in Table 1.

4.1. VOT

Main effect of Type was significant [F(2, 16)=220,
p<.01], but not Register [F(1, 8) <1, p=.93] or Infant
Age [F(1, 8)<1, p=.46]. Neither Type × Infant Age
[F(2,16)<1, p=.44 ] nor Type × Register [F(2,16)=1.2,
p=.33] was significant. But, the three-way interaction
Infant Age × Type × Register was significant
[F(2,16)=7.58, p <.05]. To further analyze the effect
of Type and Register, two Infant Age groups were
analyzed separately. For 4–6 mo. group, the main
effect of Type was significant [F(2,8)=70.71, p <.05],
but not Register [F(1,4) <1, p=.98] or Type × Register
interaction [F(1, 8) <1, p=.41]. Pairwise comparison
among means showed that all 3 pairs were
significantly different from each other (p<.05). For 8–
10 mo. group, the main effect of Type was significant
[F(2,8)=296.73, p <.05], while Register [F(1,4)=1.03,
p=.37] was not. Type × Register was significant
[F(2,8)=17.91, p<.01]. In a simple main effect
analysis, ADS showed significantly longer VOT than
IDS only in /ph/ (p <0.05).

Table 1: Durational measures (ms) of initial stops
and following vowels taken from [bee], [pee], and
[phee] in IDS vs. ADS of Thai mothers (averaged
across infant age groups). ± indicates SD.

/b/
IDS=43 tokens
ADS=46 tokens

/p/
IDS=50 tokens
ADS=50 tokens

/ph/
IDS=43 tokens
ADS=49 tokens

voicing lead average
(ms)
range
min–max
median
Q1
Q3
IQR
following V average
(ms)
range
min–max
voicing lag average
(ms)
range
min–max
median
Q1
Q3
IQR
following V average
(ms)
range
min–max
voicing lag average
(ms)
range
min–max
median
Q1
Q3
IQR
following V average
(ms)
range
min–max

IDS
ADS
−72.6 (±16) −74.2 (±16)
162.1
71.5
−187– −24.9 −110.1– −38.6
−72.07
−73.24
−81.40
−83.54
−61.21
−64.80
20.2
18.7
228.2 (±72) 192.2 (±31)
318.7
175.7
119.6–438.3 115–290.7
8.7 (±2)
8.2 (±2)
13.8
20.7
3.7–17.5
4.9–25.6
8.9
7.2
6.7
6.5
10.3
9.2
3.6
2.6
213 (±60)
179 (±29)
260.0
147.4
120.2–380.3 108.3–255.7
47.5 (±21)
54.4 (±18)
96.6
73.9
15.6–112.2 17.7–91.6
33.5
50.4
28.0
36.6
65.3
71.6
37.2
35.0
224.1 (±65) 175.66 (±25)
268.9
156.6
97.2–366.2 102.9–259.5

In Table and Figure 1, VOT values differ significantly
upon different voicing categories; separated VOT
values for /b/, /p/, and /ph/ are clearly shown. Even
though VOT differences in IDS vs. ADS are nonsignificant, slightly wider interquartile range and
wider range in distribution are noted for /b/, /p/, and
/ph/.
4.2. Comparison of VOT values

In general, our VOT values fall within the ranges that
have been previously reported as shown in Table 2.
However, in [15], /b/ exhibited somewhat bigger and
/ph/ smaller VOT values.

Figure 1: Variability of VOT values in /b/, /p/, and
/ph/ in IDS vs. ADS of Thai mothers (averaged
across infant age groups). The unfilled squares
indicate the median. The lines above and below the
median show Q3 and Q1. The whiskers cover
±1.5×IQR, and the unfilled triangles and diamonds
indicate outliers.

Table 2: VOT values (average (and ±SD or range) in ms.)
reported in previous studies.
study
this study

recording method
/b/
/p/
/ph/
spoken word in −73.4 (±19.5) 8.5(±3.1) 51.2 (±23.6)
carrier sentence
Lisker & Abramson connected speech; −35 (−50–−20) 8 (0–15) 37 (25–45)
_(1964) [15]
conversation
L-Thongkum et al.
read word
−86
14
75
_(2011) [16]
in isolation
Shimizu (1996)
read word in
−104 (±18.5) 5 (±1.6) 73 (±22.2)
[20]
carrier sentence

150
100

VOT (ms)

50
0

-50

-100

Min Outlier

Max Outlier

Median

mean

4.3. Vowel duration: /ee/

-150

The vowel duration data was analyzed in the same
way. Unlike VOT, however, none of Infant Age [F(1,
8)<1, p=.71], Type [F(2, 16)=1.90, p=.18], Type ×
Infant Age [F(2,16)=2.03, p=.16], Infant Age × Type
× Register [F(2,16)<1, p=.95] was significant and

-200
-250

b_IDS

b_ADS

p_IDS

p_ADS

ph_IDS

ph_ADS
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only the main effect of Register was significant
[F(1,8)=6.22, p<.05]; vowel duration of IDS was
significantly longer than that of ADS. The ranges of
vowel duration in IDS were larger than ADS (Table
1), consistent with previous studies that found IDS
segments to be more variable than those in ADS.

5.2.2. Phonetic realizations of [ph]


5. DISCUSSIONS
The results of the present study showed that today’s
Thai mothers produce stops with VOTs that are
remarkably similar to those reported over 50 years
ago by Lisker and Abramson [15]. The VOTs differed
reliably for the three-way stop contrasts. The VOTs,
however, did not differ significantly between IDS and
ADS. It was not the case that Thai mothers produced
stop contrasts in IDS and ADS tokens
indistinguishably.
Instead,
mothers
showed
modifications in terms of vowel duration.
Interestingly, in the course of our analysis, varied
phonetic realizations of the stops were observed in
IDS and ADS, some of which are discussed here.

In agreement with Sundberg and Lacerda (1999) and
Foulkes et al. (2005), our IDS data contains instances
of phonetic (non-canonical) realizations of [b] and
[ph] which appear (based on our observation) in
relatively greater degree than in ADS. These
instances were excluded from the quantitative
analysis as mentioned in 3.2, but are categorized and
listed here.
5.2.1. Phonetic realizations of [b]


Lack of pre-voicing in [b]. Voicing continued
after the preceding segment [ii], followed by
brief closure and voicing lag (positive VOT).
(7% in IDS; 3% in ADS; 5 mothers). This
type of realization was quite common in
English voiced stops and was referred to as
“bleed” in [8].

Figure 2: Example of lack of pre-voicing (“bleed”) in [b].



Figure 3: Example of fricated stop in [ph].




5.1. Phonetic realizations

Relatively clearer and sharper release burst in
ADS than IDS in [b]. This pattern has been
observed only in some mothers.
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Fricated stop in [ph] (4% in IDS; 1% in ADS;
3 mothers). This finding is interesting since
it was previously reported that the fricated
stop [kxh] was a variant of Thai (kh) (Section
2.2). Although this is still speculative,
frication in this case might be triggered by
phonetic context or could be an “emerging”
variant of (ph).

Incomplete closure in [ph] (2% in IDS; 2
mothers).
Voicing in [ph]. There was unbroken voicing
from preceding vowel [ii] with no closure in
[ph] (1% in IDS; 1 mother).

6. CONCLUSION AND FUTURE WORK
Voicing contrasts in terms of VOT values are
preserved in Thai young females both in IDS and
ADS. In fact, our data showed clearly separated VOT
values for /b/, /p/, and /ph/ with some small
overlapping between /p/ and /ph/ in the two registers.
Crucially, unlike vocalic portions (here long vowels)
which were greatly hyper-articulated in IDS, stops’
VOTs remained relatively unaffected. Despite
stability of VOTs as acoustic cues for voicing
contrasts in Thai stops, our data clearly suggested that
phonetic (non-canonical) realizations appeared in
IDS no less frequently than in ADS.
Areas for future research will include an extended
study to look at VOT modifications in /d/ /t/ /th/ /k/,
and /kh/. As alveolar and velar stops generally have
larger VOT values than the bilabials (i.e., less
crowded voicing system), some interesting pattern
might emerge. Lack of pre-voicing in [b] found in this
data set could be attributable to preceding vowel
context and further analysis of [b] in other phonetic
contexts should be pursued. Finally, the question of
whether the fricated stop in [ph] is simply a phonetic
realization or an “emerging” (sociophonetic) variant
is also worth investigating.
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ABSTRACT
This paper examines the acoustic properties of
ejective stops across different word contexts in
Hul’q’umi’num’, a dialect of Halkomelem (Salish). It seeks to determine what characterizes
Hul’q’umi’num’ ejectives, and to contribute towards
answering the question of how much variation can be
present within a language’s ejective category. Measurements of duration, intensity, and adjacent vowel
quality in ejective [p’, t’, kw’, q’, qw’] and plain [p,
t, kw, q, qw] stops across word-initial, intervocalic,
and word-final positions were made. Results found
that ejectives had longer releases than plain stops, especially in word-final position which included a visible glottal release following the oral one. Prevocalic
ejectives also elicited correlates of creaky voice in
following vowels. The results have implications to
learners acquiring the sound categories, and are also
of interest in light of considerable cross-linguistic
variation in ejectives ([5]; [7]; [14]), which has less
frequently been examined in relation to position.
Keywords: Hul’q’umi’num’, acoustic phonetics,
ejective stops, phonetic variation
1. INTRODUCTION
Hul’q’umi’num’ is the dialect of Halkomelem (Salish) spoken on Vancouver Island. The dialect currently has about 40 native speakers and a number
of second language speakers. Because the native
speakers are all community Elders, and minimally
in their late sixties, documentation of the sounds of
the language is of interest.
Ejective stops are produced with a closure of
the glottis accompanied by a raising larynx gesture,
which increases the air pressure in the intra-oral
cavity and leads to a distinctive “poppy” sounding
burst upon the stop’s release [6]. Although ejectives occur in about 17% of the world’s languages
[8], Hul’q’umi’num’ is somewhat unusual in allowing these sounds to occur unrestricted across a number of positions, including not only word-initial and
word-medial, but also word-final ([10], [3]).

Most studies of ejectives have concentrated on
pre-vocalic ejectives. They have found considerable
cross-linguistic variation across a number of acoustic
dimensions, leading some to propose different types
of ejectives based on the clustering of these acoustic
characteristics in the languages they examined [5],
[7]. For example, [5] suggests that “strong” ejectives
are produced with a loud burst, a long release with
a period of silence between the burst and the vowel,
which has raised pitch, modal phonation, and a quick
rise in intensity. “Weak” ejectives, on the other
hand, are produced with a quieter, shorter burst, and
no silent portion between the burst and the vowel–
instead the glottal release of the ejective occurs during the vowel, producing correlates of creaky voice,
such as lowered F0, aperiodicity, lower H1-H2, and
a slow rise to maximum intensity on the vowel. Others have also found that various clusterings of these
and similar acoustic characteristics can differentiate
ejectives from other stop types [14], [13] (inter alia).
Using these previous studies as guidance, one research goal of the present study is to determine how
Hul’q’umi’num’ ejectives are distinct from plain
stops in the language. A second goal is to investigate
variation within the ejective category by examining
differences in the contrast across word-position.
2. METHODOLOGY
2.1. Participants

Five Hul’q’umi’num’ first language speakers (3 female, 2 male) were recorded for this study. All were
between the ages of 65 and 86, and were bilingual
in English, having heard and used the language with
family, but done their schooling in English. Given
the nature of the population, some participants had
dentures and/or hearing loss.
2.2. Material

80 minimal or near-minimal pairs of plain versus
ejective stops were selected and arranged into a word
list. The list contained each pair of ejective and plain
stops found in the stop inventory in Table 1 paired
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with 2-3 different vowel qualities ([i], [e], [a], or [ə])
and in word-initial, intervocalic, and word-final positions. Table 2 displays some sample (near-) minimal pairs for the consonant pair [t] vs. [t’]. Altogether across all words and speakers, there were
981 stop tokens (a small number of tokens were discarded due to reading errors).

kw
kw’

q
q’

qw
qw’

glottal

labialized uvular

k

uvular

t
t’

labialized velar

p
p’

velar

alveolar

plain
ejective

bilabial

Table 1: Hul’qumi’num’ stop inventory.

ʔ

Table 2: Sample minimal pair words

plain

word-initial
[ten]

intervocalic
[ʔitət]

word-final
[mit]

‘mother’

‘sleep’

‘dime’

[t’en]

[ʔit’əst]

[mit’]

‘go out
of sight’

‘pack a baby
by the middle’

‘get splayed
(a fish)’

ejective

2.3. Procedure

Participants were seated at a table in a quiet room,
given a printed copy of the wordlist, and asked to
read each word twice in a carrier phrase kwun’s thut
__ (‘you say __’). It was not possible to find a carrier
that participants accepted where the target word was
not the last word in the phrase. Distractors were not
included, as this would have lengthened the recording time, which was already long for some participants. Recordings were done in Audacity 2.1.1 [11]
with a Yeti microphone.

3. RESULTS
3.1. Release duration

Release duration was measured as the length of time
from the onset of the stop burst to the first zerocrossing of the vowel for word-initial and intervocalic stops. For word-final stops, it was from the onset of the stop burst to the point at which noise of the
stop release was no longer audible or visible in Praat.
Results of the linear mixed effects model found a
significant effect of laryngeal type on release duration: ejectives had longer releases than plain stops
(t=8.078, p<0.001, df=923.1). There was also a significant effect of position: word-medial stops were
the shortest (t=4.374, p<0.001, df=163.3), wordinitial stops where intermediate, and word-final
stops were the longest (t=5.955, p<0.001, df=5.5).
A significant interaction between laryngeal type and
position indicated that word-final ejective releases
were significantly longer compared to all other stops
(t=2.718, p=0.007, df = 944.1). These patterns can
be seen in Figure 1.
Significant effects and interactions with place of
articulation were also found. Bilabial stops had the
shortest releases, which were significantly shorter
than velar stops’ (t=2.646, p=0.009, df=188.2).
Uvular stop releases were quite variable, especially
in word-final position where they were the longest
(t=2.864, p=0.004, df=204.6), but the ejective and
plain overlapped. This may be because uvulars were
sometimes pronounced as affricates and because the
analysis is grouping together the labialized and nonlabialized uvular phonemes.
Figure 1: Release duration.

2.4. Analysis

Annotations and measurements were made in Praat
6.0.33 [2]. The measurements were exported to R
3.3.3 [12], where linear mixed effects models using the lmer function [1] were fitted with the measurements as the dependent variable. Fixed effects
were stop laryngeal type (ejective, plain), word position (initial, medial, final), and place (bilabial, alveolar, velar, uvular). Random effects were participant,
word, and vowel. Note that the labialized and nonlabialized phonemes are treated as one group to simplify the analysis and because there are no simple velar phonemes. Following vowel phonatory measures
and analyses did not apply to word-final stops.

Part of the reason word-final ejective releases
were so long is that many of them had a glottal release portion, which appeared on the waveform and
spectrogram as a glottal burst (or series of 1-3 bursts)
and a period of aspiration (see Figure 2 for an example). 76% of the final ejective tokens had an audible (and visible) glottal release while this feature
was seldom found in word-initial and word-medial
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stops. The final glottal release in ejectives was partially speaker-dependent with two speakers consistently producing it, one speaker consistently not producing it, and two speakers varying.
Figure 2: Word-final ejective in squqep’.

There was also an effect of position. Word-medial
bursts were significantly quieter by about 4 dB than
those in word-initial (t=3.353, p<0.001, df=359) and
word-final position (t=2.591,p=0.013, df=49.1.
3.3. Following vowel

3.3.1. F0 perturbation

3.2. Burst intensity

Burst intensity was measured as the mean intensity
in dB from the beginning of the stop burst to its offset (i.e., the onset of either aspiration, a period of
silence, or a vowel).
There was no significant effect of laryngeal category on mean burst intensity. However, intensity of [t’] was found to be significantly greater
than [t] (t=2.204, p=0.028, df=315.1), and [kw’]
was also marginally greater than [kw]. In addition, a significant interaction between uvular place
of articulation, position, and laryngeal category
suggests that uvular stop bursts have significantly
greater intensity than plain stop bursts in word-initial
(t=3.593, p<0.001, df=349.2) and word-final position (t=3.496, p<0.001, df=348.8). Figure 3 illustrates these patterns.

F0 perturbation measures the degree to which F0 is
raised or depressed at the beginning of a vowel. It
was measured by taking the mean F0 in the first 30
ms of the vowel and subtracting the mean F0 from
the middle 30 ms of the vowel, following [14].
The results of the linear mixed effects model revealed a significant effect of laryngeal type on F0
perturbation (t=2.194, p=0.028, df=612). Ejectives
were followed by vowels with low F0 perturbation
(around or just blow zero), whereas plain stops were
followed by vowels with high F0 perturbation (above
zero). Place of articulation and position were not
significant. Figure 4 illustrates, however, that while
F0 perturbation did not differ across positions, raw
F0 did seem to differ, being overall higher in wordinitial position.
Figure 4: Mean F0 across the beginning (1), middle (2), and end (3) portions of the following
vowel. left panel = word-initial stops, right panel
= word-medial stops.

Figure 3: Mean burst intensity.

3.3.2. H2-H1
H1-H2 is the difference in amplitude between the
first and second harmonics. A negative H1-H2 value
is one of the acoustic correlates of creaky phonation
[4]. As with F0, it was measured as a perturbation,
by subtracting the initial mean H1-H2 by the mid
mean H1-H2, except that in this case the vowel was
divided into equal thirds using a VoiceSauce Imitator
Praat script from the UCLA Phonetics Lab.
The linear mixed effects model found a significant
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effect of laryngeal type on H1-H2 (t=2.763, p=0.006,
df=428), but no other significant effects were found.
Figure 5 displays the change in H1-H2 across three
sections of the vowel. The ejectives always start out
with lower H1-H2 that rises throughout the vowel,
whereas the plain stops H1-H2 start out high, then
drop towards the middle of the vowel before raising again. Although position was not found to affect
the shape of H1-H2 contour, there does seem to be
a difference in raw H1-H2 in that ejectives in wordmedial position have very high mean values, even
more so than plain stops.
Figure 5: Mean H1-H2 across the first (1), second (2), and third (3) thirds of the following vowel.
left panel = word-initial stops, right panel = wordmedial stops.

4. DISCUSSION
The first research goal was investigating what acoustic characteristics distinguish plain and ejective
stops. As summarized in Table 3, the findings indicated that these include release duration and vowel
phonatory measures, but not necessarily burst intensity. This is similar to what [13] found for wordinitial and word-medial stops in Georgian, where
release duration, F0 perturbation, and H1-H2 but
not burst intensity significantly distinguished ejective from aspirated and voiced stops. Similar results
were also found in other studies [9].
Table 3: Summary of findings

Release dur.
Burst int.
F0 pert.
H1-H2 pert.

Initial
T’>T
T’=T
T’>T
T’<T

Medial
T’>T
T’=T
T’>T
T’<T

Final
T’>T
T’=T
–
–

As for burst intensity, it may be that there is a difference between ejective and plain stops, but that it
is not be captured by measures of mean (or max) in-

tensity. Learners of Hul’q’umi’num’ impressionistically report that ejectives sound ”louder”, but perhaps a more dynamic measure such as change in intensity over time, would better capture the characteristic ejective burst that they attempt to describe.
The second research goal was to look at variation across different positional contexts. Findings
indicated that ejectives were longer in word-initial
position than word-medial ejectives, and suggested
they were followed by higher F0 and lower H1-H2.
Some of these differences may be associated with
stress, as word-initial vowels are often stressed in
Hul’q’umi’num’. More data would be needed to
tease this apart, but given that higher F0 and greater
duration are common correlates to stress across the
world’s languages, it is not unreasonable to hypothesize that stress is playing a role.
Word-final ejectives were interesting in that they
were essentially only captured by release duration
within the measurements examined in this paper.
Their very long releases in which the glottal release
is often audible were quite distinctive, but were inconsistently present in some speakers, and it remains
to be seen whether they would persist in running
speech. Perhaps other correlates such as closure
duration, burst spectral measures, or differences of
phonation or formants in the preceding vowel may
help distinguish word-final ejectives.
Overall this study found that the acoustic correlates of ejectives are not necessarily the same across
speakers or word positions. These differences can be
attributed to the timing of the glottal and oral events,
which is what motivated [5]’s “strong” vs. “weak”
ejectives where the creaky characteristics of vowels
following ejectives are due to a delayed glottal release into the vowel onset. Word-finally, the creaky
voice correlates are missing, but the glottal release
may be present. This leads to the questions of which
correlates are essential in which contexts, and how
people can learn to produce these sounds in a nativelike way across contexts. This is something very important in a population with few speakers, where the
learners are the future speakers and teachers of the
next generation. Future research will use this study’s
recordings to conduct perception experiments to attempt to determine which acoustic correlates L1 and
L2 speakers use as perceptual cues to distinguish the
sounds.
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ABSTRACT
The Arabic glottal stop was examined (among other
sounds) in a previous study [15] where it showed
some instances of variability. The present study aims
at providing additional examination of the Arabic
glottal stop in two contexts: isolated words and in a
carrier phrase, and in three positions: initially,
medially and finally. In addition, the glottal stop is
examined in stressed and unstressed syllables.
Measurements of voice onset time (VOT) were
taken, where possible. The results of the examination
revealed the following: first, the glottal stop had
measurable VOT only in initial position, whether in
the word context (VOT mean value was 26 ms.) or in
the carrier phrase (VOT mean value was 32 ms.).
Second, there was great variability in the other
positions, where there were intermittent vocal folds
vibrations preceding, during and/or following the
closure of the stop. Third, stress had no effect on the
glottal stop articulation.
Keywords: Arabic, glottal stop, variability, VOT.
1. INTRODUCTION
The glottal stop is usually defined as a complete
closure at the glottis by the vocal folds [4, 9, 16, 21,
23]. And since the vocal folds act as the active
articulators of the glottal stop, the voicing status has
been controversial. Although the impossibility of
being voiced is agreed upon [6, 23, among others],
some studies have grouped the glottal stop within the
voiceless sounds [4, 6, 21]. Yet, other studies reject
using the term “voiceless” for the glottal stop.
Bickford and Floyd [6] indicate that “the glottal stop
is very different from the voiceless state of the
glottis” (p.147). Cruttenden [10] seems to agree with
this view showing that the “position of the vocal
cords is not that associated with other voiceless
sounds” (p.179); (for a detailed survey of studies on
the glottal stop see [12, 13]). Lodge [18] shows,
arguably, that “[voiceless]…means with an open
glottis, whereas the glottal stop is produced with
closed vocal cords” (p.18).
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This production of the glottal stop has some
peculiarities. The closure of the glottal stop may not
be complete. Ladefoged & Maddieson [17] indicate
that “in the great majority of languages we have
heard, glottal stops apt to fall short of complete
closure” (p.75); they refer to this state as having
“irregular constricted voicing” (p.76). This
“irregularity” is the main concern of the present
study.
The dispute over the voicing status of the glottal
stop is also attested among Arab scholars (see for
example [2, 3, 7, 14] among others). Alghamdi [2]
refers to the use of the term “unvoiced” to describe
the unique status of the glottal stop (p.97). In
addition, the instability of the glottal stop has been
recognized. Al-Ani [1] states that the glottal stop
“seems to be very unstable and does not set any
definite pattern” (p.60). However, no specific details
were given as to what shapes this instability takes. In
a spectrographic study on Arabic stops aspiration,
Kasim [15] has mentioned the “variability” of the
glottal stop which either showed no closure phase
and/or no aspiration, or abnormal vocal folds
vibrations (pp. 8-12). As such, there is lack of data
concerning the form(s) of the glottal stop variability.
Thus, the present study aims at demonstrating the
nature of this variability.
The glottal stop is differentiated in the present
study from the phenomenon of glottalization which
refers to “the concomitant articulation of a glottal
stop along with some other articulation” [4] (p. 78)
and [5], and may accompany different sounds [20].
This distinction is important since the glottal stop in
Arabic functions as a distinct phoneme [19, 22, 24].
2. AIM OF THE STUDY
The present study draws on the findings of Kasim’s
[15] study concerning the Arabic glottal stop
variability in relation to voicing. An attempt is made
here to examine the nature of this variability. The
research question is: what are the different shapes of
this variability?

3. METHOD
3.1. Data

The Arabic glottal stop is investigated in two
contexts, viz. isolated words and a carrier phrase; and
in three positions, viz. initially, medially and finally.
In addition, stressed is varied in medial position so
that the glottal stop appears once in a stressed
syllable and once in an unstressed syllable. Table 1
below contains all test data.
Table 1: The test data.

Position
initially
medially-unstressed
medially-stressed
finally

Word
/ʔa:b /
ʤa:ʔa/
/ʤa ʔa:/
/ma:ʔ/

Gloss
August
(he) came
(they both) came

individually. Each word was recorded once. Thus,
the total number of recorded tokens in the word
context was 40 (4 words x 10 subjects). In this
context, the glottal stop occurred 10 times initially,
20 times medially, and 10 times finally.
In the second type of recording, the subjects were
instructed to pronounce the test words presented on
the flash cards in the carrier phrase /qul kalimat……
marra tajn “say the word…… twice”. The flash
cards were shuffled and presented for another round
of recording. There were three rounds of recordings
for each subject. Thus, the total number of tokens
obtained in the phrase context was 120 (4 words x 3
rounds x 10 subjects). The glottal stop occurred in
the phrase context 30 times initially, 60 times
medially, and 30 times finally (see Table 1). The
subjects were recorded individually in a quiet room.

water

4. DATA ANALYSIS

Each word is printed on a flash card (9.5 cm x 6.5
cm) using Arabic scripts with a 168 pt font size.

Ten native speakers of Arabic served as subjects of
the study; five males and five females. Their
background variety of Arabic was Iraqi Arabic.
However, they were instructed to use Standard
Arabic in their performance. Their ages ranged
between 20-40 years old. All of them were educated,
and none of them reported any language disorders.

A spectrogram was obtained for each recorded item.
There were two things to examine in the
spectrograms: first, the closure of the glottal stop,
and second, the existence of a period of voicelessness
following the closure release. Analysis of the data
revealed two observations. The first one showed
clear glottal stop closure followed by a period of
voicelessness where VOT measurements were
obtained. The second observation displayed great
variability of the glottal stop in all positions and
contexts.

3.3. Recording tools

4.1. Position and context

3.2. Subjects

A laptop PC was used for recording the data. A USB
desktop microphone (type Logitech) was connected
to the laptop. Praat [8] was used in recording and
analysing the data. The sampling rate used for
recording was 44100 Hz using a mono channel.
3.4. Procedure

Each subject was asked to familiarize himself/herself
with the Arabic test words on the flash cards. The
subjects were instructed to use Standard Arabic
pronunciation in their performance. There was a
rehearsal period that preceded the recording. The
purpose of this rehearsal period was three folds: first,
to correct any performance mistakes; second, to
practice a recording position where the subjects were
instructed to put the microphone away from the
mouth about 10 cm; and third, to practice putting
each word in the carrier phrase.
There were two types of recording: word and
phrase contexts. In the first type of recording, each
subject was instructed to pronounce the word that
s/he saw on the flash card when the researcher
displayed the card. The test words were recorded
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4.1.1. Initially
The glottal stop had a post release period of
voicelessness in 9 (out of 10) instances in the word
context, and 17 (out of 30) instances in the phrase
context (see Table 2). Fig. 1 displays an example of
the glottal stop with measurable VOT.
Figure 1: The glottal stop is shown initially in the
word /ʔa:b/ where the closure release is followed
by a period of voicelessness (shaded selection);
VOT is 50 ms.

Fig. 1 shows clearly that the glottal stop has a period
of voicelessness following the stop release. In the

word context, the VOT mean value was 26 ms. The
phrase context, on the other hand, showed more
variability (one similar to that in other positions); 13
out of 30 tokens had no measurements. The VOT
mean value was 32 ms. (the values are rounded to the
nearest digit).
Table 2. VOT values (in ms.) of the Arabic glottal
stop in initial position in the word /ʔa:b/;
S=subject, T=token

S1
S2
S3
S4
S5
S6
S7
S8
S9
S10

word
68
27
10
17
10
--15
18
54
13

T1
48
38
--------25
22
40
26

phrase
T2
37
15
----41
--31
24
50
---

T3
28
38
----------17
49
18

fact, the majority of the tokens did not show stop
closure or any measurable VOT, both in the word
context (31 out of 40 tokens; 77.5%) and in the
phrase context (99 out of 120 tokens; 82.5%).
Moreover, varying stress in medial position did not
affect the glottal stop production; i.e. the same
variability was observed. The different forms of
variability displayed by the glottal stop are
summarized below. All instances discussed here are
taken from the phrase context (which is similar to the
word context).
4.2.1. The first, and most widely noticed, observation
in the majority of the tokens is the appearance of
intermittent vocal folds vibrations during the glottal
stop closure; see Fig. 3.
Figure 3: The shaded selection shows intermittent
vocal folds vibrations during glottal stop closure in
the word /ʤa ʔa:/.

4.1.2. Medially
In medial position, the glottal stop did not have
any type of closure, neither in the word context nor
the phrase contexts. Here, different types of
variability were detected (see 4.2.).
4.1.3. Finally
Similar to the medial position, the glottal stop had no
closure in the word context finally. In the phrase
context, on the other hand, there were only 4 tokens
where clear VOT values were obtained (mean VOT
value was 28 ms., see Fig. 2).

4.2.2. The glottal stop may be articulated with a stop
closure followed by a short VOT which is in turn
followed by intermittent vocal folds vibrations; see
Fig. 4. This observation is noticed when the glottal
stop occurs initially.
Figure 4: The shaded selection shows a short VOT
(21 ms.) followed by intermittent vocal folds
vibrations in the word /ʔa:b/.

Figure 2: The glottal stop is shown in the word
/ma:ʔ/ with a measurable VOT (shaded selection);
VOT is 27 ms.

4.2.3. The same observation noted in 4.2.2 above is
noticed when the glottal stop occurs medially; this
time the intermittent vocal folds vibrations precede
and follow the stop closure; see Fig. 5 below.
4.2. Different types of variability

In all positions and contexts, the glottal stop showed
different types of variability. In addition to having
measurable VOT initially (see 4.1.1. above), the
glottal stop also showed variability in this position.
The same thing was noticed medially and finally. In
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Figure 5: The shaded selection shows the glottal
stop closure preceded and followed by intermittent
vocal folds vibrations in the word ʤa:ʔa/.

Figure 9: The glottal stop has no closure in the
word /ʤa ʔa:/.

4.2.4. The glottal stop closure may be released into
intermittent vocal folds vibrations without any
closure, whether initially (see Fig. 6) or finally (see
Fig. 7).

5. DISCUSSION
The findings of the present study support the claim
that the glottal stop has incomplete closure (cf. [17]).
It was only in the initial position where the glottal
stop showed some clear closure and post release
period of voicelessness. Neither position nor stress
had any effect on the glottal stop articulation.
Garellek [13] shows that the production of the glottal
stop manifests variability, and he concludes that “this
variability appears… to be mostly random” (p.132).
For Ladefoged & Maddieson [17], a “true [glottal]
stop occurs only in gemination in Arabic” (p.75). AlAni [1] shows that the variability of the glottal stop is
noticed in all positions, but intervocalically it appears
as “a vowel like glide” (p.61). This is exactly noticed
in medial position (see 4.1.2. and Fig. 9). Docherty &
Foulks [11] express an interesting idea that is related
to the “percepts of the glottal articulation” (p.176).
The idea is explicitly stated by Bickford & Floyd [6]
who indicate that the “glottal stop is perceived
auditorily as being voiceless since there is no
vibration of the vocal folds” (p.147). Thus, although
the glottal stop shows variability at the production
level, this variability is compensated at the auditory
level.

Figure 6: The shaded selection shows the glottal
stop closure released into intermittent vocal folds
vibrations in the word /ʔa:b/.

Figure 7: The shaded selection shows the glottal
stop closure released into intermittent vocal folds
vibrations in the word /ma:ʔ/.

4.2.5. Vocal folds vibrations of the following vowel
may start simultaneously with the glottal stop closure
release; see Fig. 8 below.
Figure 8: vocal folds vibrations start
simultaneously with the glottal stop release in the
word /ʔa:b/.

4.2.6. There may be no glottal stop closure at all.
This is observed when the glottal stop occurs
medially. The word is pronounced with a prolonged
vowel without any closure; see Fig. 9 below.
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6. CONCLUSION
The glottal stop in Arabic exhibited some variability
in terms of articulation. In initial position, it showed
measurable VOT that ranged between 26 ms. (in the
word context) and 32 ms. (in the phrase context).
But, the glottal stop also had different types of
variability in all positions and contexts. The instances
of this variability took the following shapes: either no
closure was present, or intermittent vocal folds
vibrations were observed preceding, during and/or
following the closure. Although a small sample is
used in this study, the findings are indicative and
pose further questions to be investigated, especially
in terms of quantifying the instances of variability
observed in the articulation of the glottal stop.
Additionally, a perceptual investigation is needed in
order to complement the findings of this study.
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ABSTRACT

a two-way contrast between high and low tones in
those varieties [14], while no further work has been
able to support Hari’s analysis of Lhasa Tibetan [11].
Like in other Tibetic languages, e.g. Lhasa Tibetan [13], the tonal contrast in Yolmo varieties is
generally located on the initial syllable of the word,
including polysyllabic words. Suffixes are not specified for tone, although it is possible that some prefixes might be. Tonal contrasts are also partially constrained by the onset of the first syllable in a word:
in Yolmo word-initial voiced obstruents are always
followed by low tone, while word-initial aspirated
stops and affricates are followed by high tone. All
other onsets can be followed by either high or low
tone. The pitch movement distinctions included in
Hari’s analysis are not described as being conditioned by environment, and we have found no apparent relationship between either the level and falling
conditions with regard to onset, offset or syllable
shape, as shown in Table 1. We have also found
no relation between the falling and level distinctions
and Written Tibetan cognate forms.

Melamchi Valley Yolmo (Tibeto-Burman, Nepal)
was originally reported to have a four-way tonal contrast. However, other varieties of Yolmo that have
been more recently studied only display two-way
tonal contrasts. In this paper, we examine newly
digitised archival recordings of elicited utterances
in Melamchi Valley Yolmo made in the 1970s and
1980s to investigate the acoustic evidence for a four
tone contrast. We find there is no evidence to support the original analysis, and that the tone system
of Melamchi Valley Yolmo looks similar to other
Yolmo varieties.
Keywords: tone production, archival recordings,
Tibeto-Burman, Nepal.
1. INTRODUCTION
Yolmo is a Tibeto-Burman language of the Tibetic
sub-group. The majority of speakers live in the
Melamchi and Helambu Valley area. This variety was documented in the 1970s and 1980s by
Anna Maria Hari, who produced a dictionary [8] and
grammar [7]. There are also other varieties of Yolmo
spoken throughout Nepal by groups of speakers who
migrated away from this area one to two centuries
ago. One of these is Lamjung Yolmo, spoken in the
Lamjung district of Nepal, another is Syuba (also
known as Kagate) spoken in the Ramechhap district,
which has its own glottonym, but is mutually intelligible with other Yolmo varieties [2].
Hari analyses Melamchi Valley (MV) Yolmo as
having four tones, comprised of both a pitch height
distinction (low/high) and pitch contour distinction
(falling/level). Hari numbered these tones as follows: low falling (1); low level (2); high falling (3);
and high level (4), and transcribed them in both the
dictionary and grammar. This is similar to Höhlig
& Hari’s earlier analysis of tone in Syuba [10], and
Hari’s work on Lhasa Tibetan [5], where four-way
tonal contrasts were also described. Recent descriptive and acoustic research on Syuba and another variety, Lamjung Yolmo, has found evidence only for

Table 1: Hari’s four tones in different syllabic environments.

Low Tone
CV
CVC
CV:
CVCV
CV:CV(C)
High Tone
CV
CVC
CV:
CVCV
CV:CV(C)

1 (falling)
kò ‘door’
làm ‘path’
nò: ‘yng. brother’
Càmu ‘hat’
Cà:ma ‘apron’
3 (falling)
kh á ‘mouth’
núm ‘oil’
mı́: ‘eye’
Cámu ‘mushroom’
ná:sum ‘nose’

2 (level)
tò ‘stone’
Cı̀N ‘field’
gò: ‘head’
Cùru ‘necklace’
lò:ma ‘paper’
4 (level)
tó ‘rice’
Cı́N ‘wood’
pá: ‘sauce’
kára ‘belt’
tCh á:ma ‘broom’

Hari’s analysis of tone in MV Yolmo as being a
four-way contrast is important because it would possibly provide a more detailed story of tonogenesis in
the Southern branch of Tibetic languages. It would
mean that Yolmo has more in common with lan-
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for archiving. We use recordings AH1-001-A and
AH1-001-B, which are listed on the cassette label
as "language learning drills".1 The two recordings
are 30min 27s and 30min 56s in length respectively.
These are the only recordings in the collection that
include English translations spoken before the utterances. The recordings contain productions by a single male MV Yolmo speaker. The recordings follow this pattern: Hari herself utters a target word in
English, which is followed by its translation in MV
Yolmo, produced within a phrase-initial or phrasemedial carrier frame. A variety of carrier frames are
used, including: dı̀dila ____màe ‘This is called a
____’; and dı̀ Nài ____yı̀mba ‘this is my ____.’
For our study, we only focused on monosyllabic
and disyllabic target words, of which there are 190
different lexical items. Most of these are repeated
twice in the same carrier frame, though certain
lexical items appear multiple times throughout the
recordings in different frames. The recordings were
transcribed using the tone categories found in Hari’s
dictionary [8], i.e. 1 - low falling; 2 - low level; 3 high falling; and 4 - high level. If Hari did not assign
a tone category to a target lexical item, or if that item
was not in the dictionary, it was excluded from analysis. Utterances that repeated verb roots to illustrate
verbal paradigms were also excluded. Finally, utterances were discarded if there was noise or distortion,
though these were few in number. This resulted in
a total number of 498 word tokens for the analysis.
Table 2 gives the token counts for each tone category
and syllable type.

guages of the Tamangic branch including Tamang
[12], Thakali [4] and Gurung [9]. Given that the
other closely related varieties (Lamjung Yolmo and
Syuba) only diverged from the MV variety around a
century ago, the four-tone analysis would also give
an indication that these varieties are more closely related, and only in recent generations lost the pitch
movement distinction to give the two-tone systems
that they have now.
However, there are some issues with Hari’s original analysis. Firstly, her transcriptions do not include tonal minimal triplets or quadruplets. On
closer inspection of the tonal minimal pairs in Hari’s
grammar [7], she provides only a single example
where the two different high tones contrast: náN4
‘honorific auxiliary’ and náN3 ‘day after tomorrow’,
though these were not present in the recordings we
were able to analyse. The overwhelming majority
of tone minimal contrasts in Hari’s dictionary [8]
are of low/high level pairs (2 and 4) and low/high
falling pairs (1 and 3). To quantify this, we identified in the dictionary minimal pairs across different
onsets in Hari’s Yolmo dictionary . Of the 84 pairs
in the set, there were 79 pairs which were matched
across either the level or falling conditions, and only
5 minimal pairs where (e.g.,) the high falling was a
minimal pair with a low level (3 and 2), or vise versa
(1 and 4). The full set is in the OSF repository for
this project [3]
Original recordings from Hari’s documentation of
MV Yolmo were recently made available as an Open
Access collection [6]. This gave us the opportunity to analyse a set of elicitation recordings to look
for acoustic evidence that supports a four tone system. Using existing historical recordings allows us
to create a set of more specific hypotheses for subsequent data collection. We pre-registered the data
coding and elicitation methods [3], along with the
following research question: Does Melamchi Valley Yolmo have a two or four tone distinction, distinguished in production by fundamental frequency
(F0 )?
We hypothesised that an acoustical analysis of her
original recordings would provide evidence of only
a two-tone distinction (i.e. high vs. low) based on
F0 , as has been demonstrated in Lamjung Yolmo and
Syuba.

Table 2: Number of word tokens by tone category
```
```
Tone
`
1
Word Type `````
`

Monosyllabic
Disyllabic

29
100

2

3

4

33
63

56
101

46
70

We used Praat (v6.0.36) [1] to segment the words
and label the tones. We also labelled each target
word as monosyllabic vs. disyllabic, as well as its
syllable position in a disyllabic word, given that
tonal contrasts are usually realised only on the initial syllable. A Praat script was run to extract fundamental frequency (F0 ) measurements taken at 1%
intervals of each rime; as well as segment duration.
There were three other categories that we labeled
but ended up collapsing across due to insufficient token numbers. These were: syllable type (open vs.
sonorant-final vs. stop-final); carrier frame type; and
repetition number. In any case, although tone and
coda segment interactions have been noted in other

2. DATA AND METHODS
The data for this analysis come from original recordings made by Anna Maria Hari [6]. These recordings were made on cassette tapes in the 1970s and
1980s, and high quality digital copies were made
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languages of Asia, Hari did not describe any specific interaction between tone category and syllable
type. We were also concerned about the effect of
carrier phrase on F0 , given that we have found significant interactions between tone and intonation in
other Yolmo varieties [14], particularly at the rightedge of words in phrase-final position across different repetitions, i.e. list intonation. In the end, all
words we were able to analyse occurred in phraseinitial or phrase-medial position.
Our labelling choices and analysis plan were preregistered in an OSF repository before labelling began [3]. The repository also contains the Praat Texgrid files. The original recordings are in an open
access archive [6].

Figure 1: F0 across time-normalized vowel and
vowel plus sonorant rime of monosyllabic words,
with standard deviation halved

3. RESULTS
Vowel duration was not found to be affected by tone
category. A one-way ANOVA on rime duration of
monosyllabic sonorant-final syllables showed no effect of tone category, F(3,106) = 0.251, p = .86.
Although a one-way ANOVA on vowel duration of
monosyllabic open syllables appeared to show an effect of tone category, F(3,104) = 3.38, p = .021, a
post-hoc comparison only showed a significant difference between Tones 1 and 4, p = 0.018. Since no
difference was found between Tones 1 and 2 or between Tones 3 and 4, duration will not be discussed
further here.
Figure 1 shows mean F0 across a time-normalized
monosyllabic word rime, starting at the vowel onset
and ending at the end of the time. At the beginning of the rime, Tones 1 and 2 are produced with
lower F0 than Tones 3 and 4. However, the contrast
in F0 begins to neutralise towards the end of the syllable, as F0 in Tones 3 and 4 falls slightly, while F0
in Tones 1 and 2 rises.
A one-way ANOVA was performed on F0 at 20%,
50% and 80% of the rime of monosyllabic words,
assuming a four-tone analysis. The results support
the picture presented above. A significant effect of
tone category on F0 was found at 20% of the rime,
F(3,160) = 23.16, p < .001; and at 50%, F(3,160)
= 6.31, p < .001; but no effect of tone category was
found at 80% of the rime, F(3,161) = 1.102, p = .35.
At 20% of the rime, Tukey’s comparison showed no
significant difference in F0 between Tones 1 and 2,
p = .917, and between Tones 3 and 4, p = .295.
Figure 2 shows mean F0 across time-normalized
rimes in disyllabic words. On the first syllable,
Tones 1 and 2 are produced with higher F0 than
Tones 3 and 4. However, the contrast in F0 is neu-

tralised on the second syllable, as F0 in the Tone 1
and Tone 2 words rise to the same height as F0 in the
Tone 3 and Tone 4 words.
Figure 2: F0 across time-normalized vowel and
vowel plus sonorant rime of disyllabic words, with
standard deviation halved

A one-way ANOVA was performed on F0 at 50%
of the rime of the first and second syllables, assuming a four-tone analysis. A significant effect of
tone category on F0 was found on the first syllable,
F(3,330) = 77.86, p < .001. Tukey’s comparison
showed no significant difference in F0 on the first
syllable between Tones 1 and 2, p = .064, but there
was a significant difference between all other tones,
including between Tones 3 and 4, p = .015. A significant effect of tone category on F0 was also found
on the second syllable, F(3,329) = 7.227, p = < .001,
although Tukey’s comparison showed only a significant difference between Tone 4 and the other tones.
On closer inspection, it was discovered that the
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troduction, we see no indication of what this might
be in terms of the tone itself, or the onset, offset,
vowel or Written Tibetan cognate. Hari also makes
no mention of morphotonemic alternations revealed
only by the addition of specific affixes.
Our analysis highlights the importance of archiving original fieldwork recordings. It is only thanks
to Hari’s original recordings being digitised and
housed in a persistent and accessible archive that this
work could be conducted. Despite coming from a
single speaker, the recordings have also allowed us
to revisit her original analysis and to provide new
acoustic insights on the data. Even if we were to
collect new data, there is no guarantee that current
speakers would have the same tonal system.
Finally, it is worth reiterating that the aim of this
paper was not to simply contradict the earlier work,
although we did not find evidence to support Hari’s
analysis, but to revisit and enrich the description.
Hari’s recordings are also a welcome addition to our
own growing collection of data on different Yolmo
varieties and will help inform future comparative
work on Yolmo.

higher F0 on the Tone 4 disyllabic words was largely
driven by a handful of tokens produced in a question
frame, kh yéti ____yèba? ‘Do you have ____?’, with
rising question intonation affecting the second syllable. If all tokens in this frame are removed, we still
find a significant effect of tone category on F0 at the
midpoint of the first syllable, F(3,314) = 68.67, p <
.001, but Tukey’s comparison now shows no significant difference in F0 on the first syllable between
Tones 1 and 2, p = .103, or between Tones 3 and 4, p
= .232. There is still a significant effect of tone category on F0 at the midpoint of the second syllable,
F(3,313) = 3.641, p = .013, but Tukey’s comparison
only shows a significant difference between Tones
1 and 4, p = .007. We would expect this difference
to disappear given a larger sample of Tone 4 tokens
from non-question carrier frames.
4. DISCUSSION
The acoustic analysis of Hari’s recordings support
our original hypothesis, based on data collected
from other varieties of Yolmo, that there is only evidence for a two-tone distinction, i.e. high vs. low,
in MV Yolmo, and not a four-tone distinction with
both height and contour distinctions. Rather, monosyllabic words with low tone start with a low F0
that gradually rises towards the midpoint of the rime,
while monosyllabic words with high tone start with
a high F0 that falls slightly across the rime. In disyllabic words, the low tone is produced with lower
F0 than the high tone across the entire rime of the
first syllable, but there is no difference in F0 on the
second syllable. The findings are therefore in accordance with acoustic studies of other Yolmo varieties
[14].
This analysis demonstrates that MV Yolmo does
not have a distinct tone system to the closely related varieties Lamjung Yolmo and Syuba. Instead,
it would appear that all Yolmo varieties share a
two-tone system. This distinguishes them from the
Tamangic languages that are spoken in similar areas
of Nepal, which are described as having a four-tone
system, for which there is acoustic evidence [12].
The lack of acoustic evidence for the four-way
contrast raises a question; how did Hari manage to
consistently pair her falling tones (1 and 3) with the
level (2 and 4) in minimal pairs? As mentioned
above, in a subset of 84 minimal pairs across various onsets, a falling tone was only paired with a level
tone five times. This indicates that Hari was drawing
something out of the data to provide these tone categories, even if this feature is not accounted for by
current acoustic evidence. As we mention in the in-

5. CONCLUSION
This is the first known acoustic analysis of these data
to be performed. We have used original recordings
of MV Yolmo to demonstrate that there is no acoustic evidence for a four way tonal contrast. The distinction between high and low tone registers is statistically robust, but there is no statistically significant evidence for the contour distinction between
the "falling" and "level" types.
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ABSTRACT
An acoustic study of voiced and voiceless wordinitial plosives sought to establish the nature of the
relationship between prosodic positions, accent, and
segmental phonetics in Polish. VOT measurements
revealed some position-induced effects in the case of
voiceless stops. However, the mean differences
between prosodic levels were minimal, and
significant effects of position were only found for
unaccented items with labial and dorsal onsets. For
the voiced series, some effects of accent were
observed, with pre-voicing longer in accented
conditions. In turn, position revealed conflicting
effects depending on the level of a given domain.
Phrase-initial position appeared to be stronger than
utterance-initial position in terms of pre-voicing.
These results show little evidence of domain-initial
strengthening observed in other languages, which in
turn challenges the hypothesis of a universal
prosodic hierarchy.
Keywords: Polish, prosody, prosody-segment
relationship, phonetics-phonology interface.
1. INTRODUCTION
There is a long tradition of research within the
domain of Prosodic Phonology (cf. [18], [12], [2],
[21]) which postulates the existence of a universal
Prosodic Hierarchy. This hierarchy imposes
structural domains on languages and while the
theories vary, the most widely agreed-upon domains
– moving from smallest to largest – are the syllable,
foot, prosodic word, intonational phrase, and
utterance.
The Prosodic Hierarchy is argued to manifest
itself in small variations with regard to the phonetic
realisation of segments at different prosodic levels.
There are a number of theories concerning the
influence which prosody has on segments. The
principle of Polarisation (e.g. [14]), for instance,
assumes that the phonetic robustness of both
members of a two-way laryngeal contrast will be
increased in more prominent prosodic positions. In
turn, Feature Enhancement (e.g. [8]) theory claims
that prosodic prominence will affect only specified –
i.e. marked – features. Yet another theory, known as
Uniform Strengthening (e.g. [3]), assumes that
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phonological contrasts will not be enhanced under
the influence of prosodic positions; rather, the
acoustic fine-grained details of both members of the
contrast will move in the same direction.
There are phonetic studies that provide empirical
support for each of those theories. For example, [1]
found polarisation effects in Swedish, with longer
duration of pre-voicing in voiced plosives and longer
VOT values in the voiceless series at larger prosodic
domains. Therefore, there were effects of prosody
observed in both members of the contrast. However,
these results might also be explained by means of
the feature enhancement hypothesis: Swedish voiced
stops bear the feature [+voice], while the voiceless
series is specified for [+spread glottis]. In other
words, Swedish appears to be a case of both
Polarisation and Feature Enhancement.
Other phonetic experiments appear to provide
even more conflicting data. Relevant studies from
various languages include the following:
 Voiceless stops in English in general have
been shown to have higher VOT values at
larger prosodic domains, cf. [7], [10] (e.g.
when comparing utterance-initial with
utterance-medial ones as in [5]).
 In Taiwanese [11] found more contact in the
articulation of oral and nasal stops at higher
prosodic domains but little effects were
observed on VOT or vowel formant
frequencies.
 [6] in their studies on Dutch observed that
VOT of /t/ was shorter in stressed syllables
and at stronger boundaries and longer at
weaker boundaries, which contradicted the
findings for English, suggesting the effects of
prosody on segmental phonetics were
language-dependent.
 In French, prosodic position appears to affect
the articulation of stops and lateral
consonants, but the effects were subject to
much individual variation, cf. [9].
 Contrarily to French, in [4] Korean speakers
were shown to be quite consistent in
distinguishing at least three different prosodic
levels, while [13] found that the degree of
aspiration of stops in this language depends
upon the prosodic position in which it occurs.







In [3] Korean plain voiceless stops seemed to
be unaffected by prosody, similarly to what
[9] noticed in French, but the former was
accounted for by the fact that Korean is a
language with a three-way laryngeal contrast
and longer VOT in plain voiceless stops might
reduce the difference between them and the
aspirated series which might be undesirable.
[17] in one of very few phonetic studies on
Polish found only minimal effects of prosodic
position on the realisation of stop consonant
voicing.
Finally, [16] observed VOT shortening at
higher prosodic positions in German and
concluded that prosody seems to affect those
acoustic parameters which are not highly
relevant
for
expressing
phonological
contrasts.

The data from various languages is, therefore, quite
inconclusive. To go even further, recently the
universality of Prosodic Hierarchy has been
questioned. [15] found that French, Taiwanese, and
Korean in fact make different prosodic distinctions
as not all languages require the same number of
layers in their hierarchies. [19], for example, showed
that Vietnamese seems not to have prosodic words,
while Limbu exhibits multiple word domains,
therefore revealing more layers than predicted by
most Prosodic Hierarchy theories. Therefore,
different prosodic constituents are emergent, rather
than universal, and they seem to develop differently
in various languages.
In [20], two opposing mechanisms for the
emergence of prosodic constituents are proposed,
encompassing different predictions with regard to
prosodic strengthening effects. In one system, such
effects are predicted to robust, while in the other,
they are predicted to be minimal. This paper aims to
test the hypothesis that Polish belongs to the latter
type.
2. METHOD
2.1. Materials

A data set comprised of twenty four disyllabic target
words was created. The words started with a voiced
or a voiceless plosive /b,d,ɡ,p,t,k/, counterbalanced
for place of articulation and vowel context /a,ɛ,ɔ,ɨ/,
and embedded in carrier sentences controlled for the
total number of syllables. The vowel preceding the
target word was always [ɨ]. The carrier sentences
were carefully controlled in terms of prosodic
factors. The three prosodic positions of interest were
utterance-initial, phrase-initial (i.e. utterance-
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medial), and phrase-medial. The sentences were then
elicited in both accented and unaccented condition.
The examples in (1) show the three sentence types
for the target word tyfus ‘typhus’ (the target word is
underlined, the accented item is bolded).
 Utterance-initial:
 Dziś skutecznie go leczymy. Tyfus został już
opanowany. ‘Nowadays it is successfully
treated. Typhus has been contained.’ –
accented.
 Dziś skutecznie go leczymy. Tyfus został już
opanowany. ‘Nowadays it is successfully
treated. Typhus has been contained.’ –
unaccented.
 Phrase-initial (i.e. utterance-medial):
 Choć skutecznie go leczymy, tyfus nadal
budzi przerażenie. ‘Although we can
successfully treat it, typhus still evokes
fear.’ – accented.
 Choć skutecznie go leczymy, tyfus nadal
budzi przerażenie. ‘Although we can
successfully treat it, typhus still evokes fear.’
– unaccented.
 Phrase-medial:
 W dzisiejszych czasach leczymy tyfus dzięki
antybiotykowi. ‘Nowadays we treat typhus
with antibiotics’ – accented.
 W dzisiejszych czasach leczymy tyfus dzięki
antybiotykowi. ‘Nowadays we treat typhus
with antibiotics’ – unaccented.
With six plosives (three voiceless and three voiced),
four vowel contexts, and two accentual conditions,
our set comprised 133 sentences.
2.2. Procedure

50 native speakers of Polish were asked to read the
sentence list in a sound attenuated booth at a Polish
university. They were aged 18-29 (median age: 24)
and they were paid for their participation in the
study. None of the speakers had completed any
phonetic training and they claimed to have little
command of any other foreign languages. The
sentences were elicited using PowerPoint slides and
the order thereof was randomised for each
participant. The speakers were recorded directly
onto laptop, using a head-mounted microphone and
a USB interface.
2.3. Acoustic and statistical analyses

The acoustic analysis was performed in Praat by
hand by the first author of the present paper. The
acoustic measures with regard to both voiceless and
voiced plosives included the duration of the vowel

preceding the target word, the closure, closure
voicing (if any), VOT, and the duration of stressed
and unstressed vowel. For voiced plosives, many
items showed breaks in voicing toward the end of
the closure. Negative VOT measures included items
both with and without voicing breaks. Figure 1
exemplifies an instance of a voiceless plosive initial
target word, while Figure 2 illustrates a voicedinitial one.

For the accented condition the mean value for
utterance-initial plosives was 31 ms (SD=14),
phrase-initial 33 ms (SD=15), and phrase-medial 32
ms (SD=14). For the unaccented condition the mean
value for utterance-initial plosives was 30 ms (SD=1
11), for phrase initial 31 ms (SD=13), and for
phrase-medial ones was 29 ms (SD=12). These
results are summarised in Figure 3.
Figure 3: Mean values for the accented and
unaccented conditions for all three prosodic
positions.

Figure 1: An example of annotated target word
tyfus ‘typhus’

Figure 2: An example of annotated target word
bochen ‘a loaf’.

Significant effects of prosodic position were found
only in unaccented items. For labial onsets there was
difference between utterance-initial and phrasemedial stops (p<.05; contrast estimate of 2 ms).
Dorsal onsets exhibited difference in phrase-initial
and phrase-medial plosives (p=.01, contrast estimate
of 2.57 ms).
3.2. Voiced plosives

The acoustic measures were subsequently extracted
using a Praat script and a statistical analysis was
conducted for both series of stops by the second
author of the paper. Generalised Mixed Models were
run in SPSS with VOT duration as the dependent
variable, Accent * (Prosodic)Position * Consonantplace as fixed factors, and Speaker and Vowel as
random factors.
3. RESULTS
3.1. Voiceless plosives

For the purposes of the present paper we have been
able to annotate and analyse the data on /p, t, k/ from
20 speakers out of 50 recorded. After all exclusions,
which included hesitations or errors, we ended up
with 1381 items: 457 utterance-initial, 465 phraseinitial, and 459 phrase-medial ones.
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The analysis of /b, d, ɡ/ also included data from 20
speakers. The number of obtained tokens was 1346,
out of which 450 was utterance-initial, 440 phraseinitial, and 456 phrase-medial.
Some effects of accent were found, with the
accented items displaying higher overall negative
VOT values. The mean value for utterance-initial
plosives in the accented condition was -100 ms
(SD=30), for phrase-initial -108 ms (SD=33), and
for phrase-medial -106 ms (SD=28). In the
unaccented condition, the mean value for utteranceinitial ones was -80 ms (SD=32), -88 ms (SD=33)
for phrase-initials, and -72 ms (SD=32) for phrasemedials. Figure 4 summarises these data.
Figure 4: Mean values for the accented and
unaccented conditions for all three prosodic
positions.

4. DISCUSSION

Longer pre-voicing was found between accented
utterance-initial and phrase-medial plosives, with
pre-voicing values higher for the former (p=.009). In
the unaccented condition, the difference between
these two positions was approaching significance
(p=.059).
There were a number of /b, d, ɡ/ realisations
where a break in pre-voicing was found. Figure 5
illustrates the percentage of items with a break in
pre-voicing in the accented and unaccented
conditions.
Figure 4: Percentages of items with full and partial
pre-voicing in accented and unaccented conditions.

The results suggest that the break in pre-voicing
leads to higher values of negative VOT which is
shown in Table 1. No significant effects of position
or place of articulation were observed.
Table 1: Mean VOT durations sorted for
accentedness and the nature of pre-voicing.
accented
utterance
initial

unaccented
accented

phrase
initial

unaccented
accented

phrase
medial

unaccented

full pre-voicing
partial pre-voicing
full pre-voicing
partial pre-voicing
full pre-voicing
partial pre-voicing
full pre-voicing
partial pre-voicing
full pre-voicing
partial pre-voicing
full pre-voicing
partial pre-voicing

-96 ms
-123 ms
-78 ms
-120 ms
-105 ms
-123 ms
-85 ms
-126 ms
-103 ms
-127 ms
-71 ms
-127 ms

The acoustic study provides a perspective on the
phonetic variation induced by prosodic positions.
This subsection will attempt to interpret the reported
data.
First of all, we may note that in both /p, t, k/ and
/b, d, ɡ/ the phrase-initial plosives had slightly
greater – positive and negative, respectively – VOT
values than utterance-initial ones. This direction is
quite unexpected if we consider the basic
conjectures of Prosodic Hierarchy. What we find in
Polish, instead of the values changing in a
systematic way in accordance with the postulated
hierarchy, is that a smaller prosodic boundary, the
phrase, yields longer VOT values than larger
utterances.
Moreover, going back the three hypotheses
mentioned in Section 1 which attempt to account for
the relationship between prosody and segmental
realisations, we may note that the apparent lack of
effects of position on the phonetic realisation of the
voiceless series and the inconclusive results
observed in the voiced series do not support any of
them, provided we employ the traditional feature
theory that would specify /p, t, k/ as [-voice] and [b,
d, ɡ] as [+voice].
While the voiced series of plosives did show
some strengthening effects between different
prosodic positions, it was observed that pre-voicing
was often interrupted. If we consider longer negative
VOT as strengthening, but that strengthening has a
break in the middle, it actually appears to be
simultaneously fortition and lenition of the feature
[+voice].
The results appear compatible with the typology
put forward in [20], which divides languages into
‘submersion’ and ‘adjunction’ systems, and
hypothesizes that Polish belongs to the latter.
Adjunction systems place initial and non-initial
segments at the same representational level. As a
result, minimal strengthening effects should be
expected – utterance-initial stops are no ‘higher’
than phrase-initial or phrase-medial segments.
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ABSTRACT
Voice source modulation is of fundamental importance in speech communication. Many parameters have been proposed to capture the characteristics of the voice, but it is not always clear how the
different kinds of parameters relate to each other.
Two widely used approaches to voice parameterisation involve either time or frequency domain
measures. In this paper they are compared in the
analysis of a small data set – an utterance produced
with different affects. The results for the time and
frequency parameterisation are correlated, and both
are compared in turn to an alternative parameter,
MDQ, which is based on the wavelet transform. The
correlation of time and frequency measures was reasonably high for parameters that relate to the lower
end of the source spectrum, but correlations for the
parameters relating to the upper end of the spectrum
ran contrary to expectations. MDQ measures correlated strongly with time domain measures, and reasonably strongly with frequency domain measures of
the low end of the source spectrum.
Keywords: glottal parameters, voice source, time
domain, frequency domain, MDQ, voice quality

aspires to synthetic voices that can resemble more
the nuanced prosody of human speech [8].
In the main, two rather different approaches tend
to be adopted for voice source parameterisation, and
these are based on either time or frequency domain
measures. Time domain measures (detailed below)
have the advantage that the relationship to speech
production can more easily be inferred. On the other
hand, the frequency domain is more readily linked to
auditory perception. Being able to map between time
and frequency measures would (i) extend our
understanding of the source and (ii) open the way to
more robust techniques for source analysis.
This paper compares time and frequency domain
measures, which were obtained for a data set based
on an utterance by one speaker portraying a number
of different emotions. Furthermore, these measures
are also compared to a rather different measure, the
MDQ parameter. The MDQ parameter, is not based
directly on either time or frequency measures, but
draws rather on techniques used in image processing
(see more below). It has been proposed as an alternative measure that can serve as an indicator of
voice source differences along the tense-lax
continuum. If so, this measure could be very useful
in many applications as a more readily calculated
proxy measure of voice quality.

1. INTRODUCTION
2. THE VOICE SOURCE PARAMETERS
Voice quality carries multiple strands of information
to the listener, some pertaining to the characteristics
of the individual’s voice, while others carry important aspects of the message’s meaning [19]. The
voice is the carrier of prosody, and it has been
argued [21-23] that the modulation of different
dimensions the voice (and not only f0) is an essential
part of linguistic prosody (e.g., prominence [28, 29,
20], accentuation [24], declination [25]) as well as
crucial to paralinguistic prosody [11, 30].
Despite its fundamental importance, this area of
speech communication is not well understood, and
this is to a large part due to the methodological difficulties in voice analysis (for a discussion of some of
these, see [7, 13, 14, 18]). One pressing concern is to
find parameters that capture the important characteristics of the voice – needed not only for speech
analysis, but also for speech generation, where one
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2.1. Time domain parameters

In addition to f0, the following time domain voice
source parameters were analysed (see also [13]).
Rg, the normalised glottal frequency, is a measure
of the characteristic frequency of the glottal pulse
(Fg), normalised to f0. Rg mainly affects the relative
amplitudes of the low end of the source spectrum.
Rk is a measure of glottal pulse symmetry, defined as the duration of the closing portion of the
pulse relative to the duration of the opening portion.
Thus, a lower Rk value means a more skewed pulse.
Oq, the open quotient, is a measure of the open
phase of the glottal pulse as a proportion of the glottal period. Oq is determined here entirely by Rg and
Rk according to Oq = (1+Rk)/(2Rg). It thus excludes
the return phase (captured instead by the Ra para-

meter). Oq mainly affects the amplitudes of the
lower end of the source spectrum.
Ra is the normalised effective duration of the
return phase, i.e. the interval for which the glottis
remains open after the main excitation. Ra relates to
the spectral slope: the higher the Ra value, the
greater the spectral slope.
Ee, the excitation strength, is the negative amplitude of the differentiated glottal waveform at the
time point of maximum change in the waveform
derivative. It relates to the overall strength of the
glottal excitation.
Up, the peak glottal flow, is a measure of the
maximum amplitude of the glottal flow pulse.
Rd is a global parameter that is proposed to capture some of the main features of the glottal pulse in
one single measure [3, 4]. It is derived from f0, Ee
and Up as follows: (1/0.11)×(f0·Up/Ee). For the similar NAQ parameter, see [1] and for other amplitude
based measures, see [12].
2.2. Frequency domain parameters

The frequency domain parameters analysed were the
four parameters of the frequency domain model proposed by Kreiman and colleagues [17, 6]:
H1-H2 is the relative amplitude levels of the two
first harmonics of the source spectrum.
H2-H4 is the relative amplitude levels of the second and fourth harmonics of the source spectrum.
H4-2k is the relative amplitude levels of the
fourth harmonic and the harmonic closest to 2 kHz.
2k-5k is the relative amplitude levels of two
harmonics closest to 2 kHz and 5 kHz respectively.

results in an octave band, zero-phase filter bank,
with filter centre-frequencies from 125 Hz to 4 kHz.
For each glottal excitation detected, a search
interval is defined. The locations of the six maxima
are determined within this interval and the absolute
durations relative to the excitation time point are
measured. The mean of these durations is then
divided by the fundamental period to obtain the
MDQ value. For further details, see [15].
2.4. Expected trends

In the present comparison, the expected trends are
that the strongest correlation will be found between
those time domain parameters associated with the
low end of the source spectrum (Oq and the source
parameters that contribute to Oq, namely Rg, Rk) and
the H1-H2 measure. Some similar, though perhaps
weaker correlations might also be expected with the
H2-H4 parameter.
As regards the higher end of the source spectrum,
one would expect the strongest correlations to be
between the time domain parameter Ra and the frequency domain parameter 2k-5k. A somewhat
weaker correlation with the H4-2k parameter might
also be expected.
As the MDQ value is determined by the sharpness of the glottal excitation, strong correlation
would be expected with Ee, Ra and Rk, which most
directly capture the shape the glottal excitation. A
general positive correlation would be expected with
frequency domain parameters.
3. ANALYSIS METHODS

2.3. Maxima Dispersion Quotient, MDQ

3.1. Speech data

The Maxima Dispersion Quotient (MDQ), is a
relatively new measure, which purports to capture
differences in the tense-lax dimension of voice
quality [15]. Based on wavelet filtering, it was found
effective for edge detection in image processing.
This property is exploited in the calculation of the
MDQ parameter: if the glottal pulse excitation is
more impulse-like (typical for tense voice) the
maxima from the wavelet decomposition will appear
close to the excitation. However, much less impulselike excitation is involved in the production of lax or
breathy voice, and the maxima from the outputs of
the wavelet filtering will be more dispersed.
The MDQ measures are derived completely
automatically: Initially, the SE-VQ [16] algorithm is
used to detect the time points of the main glottal
excitations. LPC is then applied to derive an estimate of the glottal source signal, which is analysed
using a dyadic wavelet transform. Here we use six
scaled versions of the wavelet function, which

The speech data analysed involved part of the corpus
used in [27, 14]. The recordings were of a single
speaker repeating an all-voiced sentence, ‘We were
away a year ago’, so as to portray differing affective
states. These included angry, surprised, sad, bored
and a neutral rendition. The different versions varied
considerably in terms of their voice quality, as
discussed in [27]. The dataset comprised 5
utterances totalling 649 glottal pulses. However,
only data for 506 pulses are presented here: pulses
for which the automatic analysis failed to return an
estimate were excluded.
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3.2. Voice source analysis

The time domain parameter data were obtained by
carrying out manual interactive analysis using the
software systems described in [10, 13]. This
involved inverse filtering of each individual glottal
pulse to derive an estimate of the differentiated

glottal flow signal (i.e. the effect of lip radiation was
not cancelled) followed by source parameterisation
using the LF model matching technique, again
carried out for each individual pulse.
The VoiceSauce program [26] was used to
automatically extract the frequency domain
parameters H1-H2, H2-H4, H4-2k and 2k-5k.
MDQ data were obtained according to the
process described in Section 2.3, using the MDQ
algorithm of the GlóRí analysis system [2].
3.3. Regression and correlation analysis

Linear regression analysis and Pearson productmoment correlation (Pearson’s r) were carried out to
explore the relationship between (i) the time and
frequency domain parameters and (ii) the MDQ
measures and those obtained for the time and
frequency domain parameters. Prior to the analysis,
all parameter data were first smoothed by applying
5-pulse median filtering followed by 5-pulse moving
average filtering.

parameters, and this was also borne out. The correlation of H2-H4 with Rk was in fact higher than for
H1-H2 – something that was not expected, and suggests that the glottal pulse skew influences harmonics beyond the very lowest.
Figure 1: Data for time domain parameters Oq, Rg,
Rk and Ra vs H1-H2 and H2-H4.
Time parameters vs H1-H2
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Table 1 shows the correlations for the time and
frequency domain parameters. In the first column, a
bracketed (+) or ( ̶ ) sign indicates the expected
directionality of correlation. Fig. 1 shows the linear
regression lines and R2 values for a subset of these.
Overall, the correlations that emerged were
surprisingly low, but nonetheless some clear trends
emerge. At the low end of the source spectrum, one
would expect H1-H2 and Oq to be the most strongly
correlated (as traditionally assumed), and this was
borne out. One would also expect the parameters Rg
and Rk, which here together define Oq to also be
correlated (negatively in the case of Rg) and this
emerges, for Rg at least.
Table 1: Correlation (Pearson’s r) between the
time and frequency domain parameters. The (+)
and (–) signs indicate the expected direction of the
correlation. * indicates significance at p<0.01.
Parameters

H1-H2

H2-H4

H4-2k

2k-5k

Oq (+)
Rg (–)
Rk (+)
Ra (+)
Ee (–)
Up
Rd (+)
log(f0)

*0.54
*–0.51
*0.34
*0.38
*–0.35
0.02
*0.50
–0.12

*0.50
*–0.39
*0.59
*0.46
*–0.43
*0.21
*0.49
*–0.65

*0.29
*–0.26
–0.03
*–0.27
*–0.28
*–0.20
*0.27
–0.05

*–0.40
*0.34
–0.05
*–0.54
*0.32
*0.12
*–0.39
0.10

It was expected that the H2-H4 parameter might
also be correlated with these same time domain
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4.1. Time vs. frequency domain measures
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4. RESULTS AND DISCUSSION
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For parameters that relate to spectral tilt, particularly at the higher frequencies, the expectation was
that Ra would be strongly (and positively) correlated
with the 2k-5k parameter. However, a moderate
negative correlation emerged. It is not entirely clear
why this is so, but differences in the inverse filtering
might in part explain this result. The data used here
entailed considerable dynamic variation in the vocal
tract filter, and this can present quite a challenge for
inverse filtering. Another possible factor could be an
interaction of the higher harmonics with the noise
component – something that is not captured by the
Ra parameter.
The global waveshape parameter Rd yielded
correlations with the frequency domain parameters
that are very like those for Oq. In fact, Rd and Oq
were found to be very highly correlated to each other
in this dataset (r = 0.94).

The correlation of f0 with the frequency domain
parameters is also shown in Table 1. One might have
expected a correlation to emerge principally with the
H4-2k parameter, as it compares an f0 dependent
harmonic to a (near) fixed frequency. In fact no correlation emerges here, but a relatively strong one
emerges with the H2-H4 parameter. This suggests
that an increasing f0 affects the slope of this part of
the source spectrum, something that is not immediately obvious from the source parameters.

variation, it is clear that other factors are involved.
As shown in [9], the correlation with Oq may only
hold within certain ranges of Rk values. This
highlights the complexity of parameter interaction,
and the need for caution in interpreting measures
such as H1-H2 in production terms.
Figure 2: MDQ values compared to time (left) and
frequency (right) domain measures.
Time parameters vs MDQ Freq. parameters vs MDQ
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Table 2 shows the correlation of the MDQ data with
the time domain measures (left) and frequency
domain measures (right). Fig. 2 also shows the
regression analysis for a subset of these time and
frequency domain parameters.
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In this comparison of time and frequency domain
measures of the voice source we found a correlation,
though not a very strong one, between those
parameters that pertain to the lower end of the
source spectrum. Although in phonetics research,
H1-H2 has traditionally been viewed as reflecting Oq
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MDQ correlations with the time domain
parameters are overall high (compare also analysis
in [14]). Counter to expectations, the correlations for
the parameters Ee (r = −0.69), Ra (r = 0.62) and Rk
(r = 0.67), which were expected to be the highest (as
they capture the sharpness of the excitation) were in
fact somewhat lower than for the parameters which
relate to the low end of the source spectrum, Oq (r =
0.83) and Rg (r = −0.77). Correlations with Rd
emerged as being high, at r = 0.82.
The correlation of MDQ with the frequency
domain measures is overall weaker. It is fairly high
for H1-H2 (r = 0.62), weaker for H2-H4, but very
low for H4-2k and for 2k-5k. We find again that the
negative correlation with the 2k-5k parameter runs
counter to expectations.
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Table 2: Correlation (Pearson’s r) between MDQ
and the time and frequency domain parameters. (+)
and (−) show expected direction of the correlation.
* indicates significance at p<0.01.
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The correlation of the parameters that relate to
the upper end of the source spectrum ran counter to
what was expected. The reasons for this anomaly are
not clear, but it might be partially explained by
differences in the analysis methods used. This is an
area that will warrant further investigation, and
modelling experiments may help complement the
present approach, to elucidate the interaction of
source parameters and the mapping between the time
and frequency domains.
As regards the MDQ parameter, the high
correlations with the time domain measures supports
its use as a proxy measure of voice quality.
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a sentential complement than a direct object, such as
believe.

ABSTRACT
The predictability of words (e.g., word frequency,
subcategorization bias) is previously known to
influence acoustic output, in which more predictable
words are produced with a shorter duration. This
study explores whether structural probability is also
reflected in incremental speech production,
replicating a previous study by Kurumada (2011). We
used Japanese relative clauses to address this
question, as these relative clauses are prenominal, and
the embedded subject can be marked with the
nominative marker -ga or the genitive marker -no; the
nominative marker is also used in the independent
clause, but the genitive marker is not, increasing the
probability of an upcoming head noun. Results from
nine native speakers of Japanese did not show any
significant difference between the duration of head
nouns between when they were produced following
the genitive marker and when they were produced
following the nominative marker.
Keywords: word duration, relative clauses, ga-no
conversion, syntactic probabilities

(1) a. The CIA director confirmed the rumor once
it had spread widely.
b. The CIA director confirmed the rumor should
have been stopped sooner.
(2) a. The job applicant believed the interviewer
when she discussed things with her.
b. The job applicant believed the interviewer
had been dishonest with her.
They asked participants to read sentences like (1) and
(2) aloud and found that the verbs were lengthened in
the less probable contexts; for example, when a verb
that is more likely to take a direct object is followed
by a sentential complement, as in (1b). Similarly,
direct objects were longer following a verb that is
more likely to take a sentential complement, as in
(2a).
In a more recent study, Tily et al. [14] used the
dative alternation, (3), to examine whether word
duration is influenced by structural probabilities.
(3) a. They sent us two tickets.
b. They sent two tickets to us.

1. INTRODUCTION
Acoustic properties of incremental speech
production, such as word duration, are known to
reflect probabilities of words, sentence structure, and
contexts chosen by the speakers. For example, words
with high frequency are produced with shorter
syllable duration [1] and highly frequent function
words are more likely to be longer in less predictable
contexts [3]. The source of this phenomenon has been
attributed to articulatory practice and ease of lexical
retrieval, as well as speaker-controlled variation
based on the accommodation of speakers’ needs, as
reviewed in [6].
Further studies demonstrated that syntactic
probabilities also affect the duration of words. Gahl
& Garnsey [6] showed that contextual probabilities
based on verb subcategorization have impact on word
duration, among other types of pronunciation
variation. They compared verbs that are more likely
to take a direct object than a sentential complement,
such as confirm, and verbs that are more likely to take
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In English, different factors, such as givenness,
animacy, length, and plurality of the recipient and
theme influence which dative alternant is more likely
to be used. Tily et al. [14] analyzed spontaneous
speech and found that the probability of the speakers’
choice of dative patterns is a predictor of word
duration.
However, in both of these studies, the probability
is estimated based on a local lexical cue. In [6], the
verb serves as the cue to the complement that
immediately follows. In [14], the probability was
estimated based on two neighboring arguments.
For these reasons, [10] used the Japanese Ga-No
conversion to investigate whether contextual
probabilities can be estimated by a more global cue.
Ga-No conversion refers to a phenomenon in
Japanese relative clauses, in which the embedded
subject can be marked with the nominative marker
-ga or the genitive marker -no [7, 8], as shown in the
following examples taken from Watanabe [15].

37. All the participants resided in the United States at
the time of the study.

(4) a. [kinoo
John-ga
katta] hon
yesterday John-NOM bought book
‘the book that John bought yesterday’

2.2. Materials

The stimuli included 24 critical sentences, prepared
in two versions: one with the nominative subject, as
in (6a), and the other with the genitive subject, (6b):

b. [kinoo
John-no
katta] hon
yesterday John-GEN bought book
‘the book that John bought yesterday’
While this alternation is allowed for the subject inside
a relative clause, (4b), this is not the case in the
independent clause, (5b).
(5) a. Kinoo
John-ga
hon-o
katta
yesterday John-NOM book-ACC bought
‘John bought a book yesterday.’

(6) a. [otoosan-ga senshuu
father-NOM last.week
suguni
immediately

katta kutsu]-ga
bought shoes -NOM
kowareteshimatta.
broke

b. [otoosan-no senshuu
katta kutsu]-ga
father-GEN last.week bought shoes -NOM
suguni
kowareteshimatta.
immediately
broke
‘The shoes that the father bought broke
immediately.’

b. *Kinoo
John-no
hon-o
katta
yesterday John-GEN book-ACC bought
‘John bought a book yesterday.’
As seen in (4), Japanese relative clauses are
prenominal and use no relative pronoun. Another
notable property of Japanese grammar is the frequent
omission of NPs. This means that when speakers hear
(4a), it is not initially obvious whether they are
hearing an independent clause, like in (5a), or a
relative clause, like in (4a). On the other hand, when
speakers hear (4b), the genitive marker serves as an
unambiguous cue for the relative clause, increasing
the probability of a head noun. Kurumada [10] used a
sentence reading production task to investigate
whether the head nouns were produced with a shorter
duration when following the genitive marker than
when following the nominative marker. Her findings
supported this hypothesis, indicating that such a nonlocal cue is reflected in the speakers’ acoustic output.
Our study replicates [10], but is further modified
by inserting an adverbial phrase to increase the
distance between -ga/-no and the head noun. We also
implemented additional changes to improve the
experimental design, such as increasing the filler-tocritical items ratio to 2:1 and presenting items in
pseudo-randomized order. Following [10], we
conducted a sentence reading task, in which the
participants were asked to read a set of experimental
sentences aloud. In the subsequent sections, we will
describe the methodology then present the results
from our experiment.
2. METHODS
2.1. Participants

Participants included nine adult native speakers of
Japanese (female n = 6) between the ages of 22 and
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The critical sentences were Latin-squared into two
lists so that the same item did not appear in both
conditions in either list. Each list also contained 48
filler sentences that did not include the target
phenomena. The order of the items within the lists
was pseudo-randomized so that no more than two
critical sentences appeared consecutively.
2.3. Procedure

Sentences appeared one-by-one on a computer
screen. Participants were instructed to read the
sentence silently first, then read it aloud at their own
pace while being recorded. They were instructed to
count two seconds before proceeding to the next item
in order to avoid speeding up.
The production task started with 20 practice items
so that participants could become comfortable with
the task. Participants then read through one of the
lists. After they completed reading the list, they were
asked to repeat the task so that we have a back-up in
case there is equipment failure. In the second reading,
however, they were assigned the other list. They were
told that the items might appear in a different order
but were not informed that the nominative marker and
the genitive marker were switched between the two
lists. In the end, all participants saw and read both
lists. The ordering of the two lists was counterbalanced between participants.
Following the production task, each participant
filled out a language background survey. Participants
were compensated for participation.

3. RESULTS
The boundaries of each critical sentence and target
word were carefully hand-coded in Praat [4]. For the
target words, boundaries were placed where formant
transitions and waveform patterns were clear.
We took two durational measures: (1) target
word/head noun and (2) full sentence. In addition, we
also counted the number of morae, in both the head
noun and the full sentence, in order to calculate the
speech rate by item.
We excluded three trials from three participants
due to experiment error and another trial from another
participant for a disfluency in the head noun region.
Trials with disfluencies in other parts of the sentence,
such as a pause or stutter, were not excluded, but false
starts (when a participant starts the sentence, stops,
and re-starts) were not included; in these cases, the
sentence duration was simply measured from the
onset of the fluent production of the sentence.
Disfluencies that did not lead to exclusions were very
few and only appeared in 2.1% of all trials.
Head noun and sentence durations were measured
in milliseconds and then log-transformed for analysis.
Speech rate was calculated by dividing the
number of morae in the sentence minus the morae in
the head noun by the duration of the sentence
excluding the head noun duration. This was done so
that the speech rate captured the global speech rate for
that trial, but did not take into account the critical
measure, the duration of target words between the two
conditions. [5] The speech rate was then logtransformed for further analysis.
Table 1: Mean durations of head nouns (in
milliseconds and log-transformed) in each
condition

Condition
-ga
-no

Head Noun Head Noun
(ms)
(log)
289.173 ms
2.452
285.280 ms
2.446

2.7
2.6
2.5
2.4
2.3
2.2

Head noun duration (log)

Figure 1: Log-transformed duration of head nouns
in each condition.

ga

no
Condition
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The results were fit to a linear mixed-effects
model with the log-transformed head noun duration
as the outcome variable, condition and centered logtransformed speech rate as fixed effects, and items,
participants, and trial order as random factors. The
maximal random effects structure permitted by the
design of the experiment was used. [2] Analysis was
conducted in R [12] using the lmerTest package [11].
The results did not indicate a significant effect of
condition (p = .51). Removing terms did not change
the pattern of significance. Excluding trials in which
the duration of target words was above or below two
standard deviations (3.7% of all trials) also did not
affect the pattern of significance, nor did replacing
target word duration values in those trials with the
mean.
4. DISCUSSION
The goal of the study was to find whether a cue to
syntactic probabilities is integrated when it is not
available locally, and whether this is reflected in the
acoustic output. Our experiment did not find a
significant difference in the duration of head nouns
that follow the nominative marker and the genitive
marker, and thus failed to replicate the results from
Kurumada [10]. There are a few possible
explanations for our results.
First, according to [7, 8], the acceptability of
having an intervening element between the genitivemarked subject and the verb varies depending on
speaker and depending on the nature of the
intervening element. It is unclear whether time
adverbs are also a type of intervening element that
may cause the sentence to be ungrammatical.
However, even if this did lead to reduced
acceptability, it would not contribute to the increase
of the probability of an upcoming head noun. A
separate experiment without the addition of time
adverbs should be run to confirm that this issue is
indeed what nullified the results.
Second, it is possible that the time adverb was not
presented in its canonical position. The canonical
position of time adverbs in Japanese is currently
debated. According to [9], which tested the canonical
position of time adverbs experimentally, there was no
difference between time adverbs appearing sentenceinitially and those appearing after the subject. While
their results suggest that both positions are equally
preferred by participants, again, if the time adverb
was perceived by the participants to be in a noncanonical position, it would not contribute to the
shortening of the head noun duration. It may be more
desirable to use an intervening element whose
position is less equivocal.

Lastly, we noticed more disfluencies and falsestarts in our filler sentences than in critical sentences.
It is possible that our fillers included structures that
were less probable, reducing the structural probability
effects in our critical sentences in comparison.
5. CONCLUSION
In the current study, we investigated whether a global
cue for structural probability is reflected in acoustic
properties of output, specifically in word duration.
This question was tested with Japanese relative
clauses, whose embedded subjects can be marked
with either the nominative marker or the genitive
marker. The former is also used in an independent
clause, but the latter is not, serving as a cue for an
upcoming head noun, possibly shortening its
duration. Our sentence reading task failed to find any
effect of subject marking on head noun duration,
failing to replicate the results in [10]. We identified a
possible issue in the nature of the intervening
element. In future research, this issue should be
resolved by either removing the adverb or replacing it
with another type of intervener.
Other possible future directions include using
spontaneous speech or elicited productions to address
the differences between read-aloud speech and
speech that is more natural [13].
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ABSTRACT
Recent work has found that neural oscillators entrain
with envelope modulations of attended speech in
noise, and that speakers produce more pronounced
amplitude modulations in noisy conditions. This
study aims to expand on this finding, and to
investigate how speakers adapt to temporal
fluctuations in masking noise. 16 adult female
participants were recorded reading sentences to a
partner who repeated back what they heard while both
were in quiet, in speech-shaped noise (SSN), and in
SSN modulated by 1Hz, 4Hz, or 8Hz square waves.
The amplitude modulation spectra for speech
produced each condition were calculated. More
pronounced modulations were produced in noise,
with most similar effects for the 1Hz and SSN
conditions. This suggests that changes in amplitude
modulations are adaptations to the specific
environment rather than a generalised response to
noise, and that adaptations are not simply a function
of the energetic content of the masker.
Keywords: Speech production, speech in noise,
temporal modulation.
1. INTRODUCTION
The presence of background noise in the environment
is a large factor in how successfully we communicate
with each other. In such environments, speech
perception is often hindered, and speech production
manifests the Lombard Effect, or an increase in
acoustic features, especially loudness, in response to
noise [7,11]. Since the discovery of the Lombard
effect, several decades of research have been devoted
to investigating how it manifests as a function of
loudness, task type, spectrotemporal masker content,
among other properties. Recently, the study of
speech production in noise has expanded to consider
the role of amplitude modulations.
The temporal envelope of a speech signal exhibits
relatively slow amplitude modulations that are wellknown to be important to speech perception [3,8].
Stress rate (1-2Hz), syllable rate (2-8Hz), and
phoneme rate (8-40Hz) all contribute to the structure
of the envelope [3].
Removing amplitude
modulations from speech impairs speech perception,
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while ‘repackaging’ the envelope to be within an
ideal ‘theta’ range (3-9Hz) improves it [4]. Recent
neurophysiological work has found that neural
oscillators ‘entrain’ to the envelope of an attended
stream in noise, thought to be an important
mechanism of successful speech perception [6,8].
Recent work has also shown corresponding
changes in speech production. Peak amplitude and
modulation rate have been found to differ across
stress, syllable, and mora-timed languages [21]. In an
examination of 1,445 sentences across 4 readsentence corpora (all in intense steady energetic
noise), [3] found more pronounced amplitude
modulations for speech produced in noise, compared
to speech produced in quiet, especially in the delta
and theta ranges (1-8Hz) that reflect syllable rate and
contribute to speech perception. Similar findings of
increased modulation depth have been found for
speakers instructed to speak clearly [10]. More
pronounced modulations in the 3-4Hz range, for
example, imply that speakers are more consistently
conveying important stress and syllabic information
when trying to be understood. This study aims to
expand on this finding by adding a communicative
element not present in [3] involving sentence reading
between partners, and examines a larger number of
speakers in a single corpus in a range of conditions.
There is other evidence from speech production
research that demonstrates speakers can adapt the
temporal structure of their speech, particularly in
response to temporally fluctuating masking noise. In
[15], energetic maskers fluctuating from 1 to 16Hz
resulted in a small increase in speech energy in the
‘dips’ compared to regions where the masker was on.
Temporally ‘sparse’ energetic maskers containing
silent intervals of varying lengths (created by
modulating speech-shaped noise with the envelope of
one or more speakers) resulted in speakers timing
their speech in a collaborative sudoku task with a
‘wait and talk’ strategy [2], timing their onsets to
avoid coinciding with masker onsets. Since the
pauses were not predictable, changes in speaker
behaviour were seen as reactive and took place over
several hundred milliseconds. The present study
employs steadily fluctuating maskers, in an attempt to
investigate the extent to which speakers can adjust
when the disruption is predictable.

The study sought to investigate to what degree
speakers can adapt to a temporally fluctuating
masker, what kind of adaptations they make, and the
effects these adaptations have on the modulation
spectrum. As speakers are aware of temporal
fluctuations and can adjust to some extent [2,15], it
was predicted that there would be more pronounced
modulations across all noise types compared to quiet,
and that speakers may try to adjust to get the most
information across in the ‘gaps’, manifesting as peaks
in the modulation spectrum at the rate of the masker,
especially at the slower rates of maskers fluctuating
at 1 and 4Hz, as speakers time speech in the opposite
‘phase’. For example, a masker fluctuating at 4Hz
may cause a speaker to adopt a 4Hz syllable rate to
best take advantage of silent intervals.
2. METHOD
2.1. Participants

16 adult female speakers of Southern British English
participated in the study (18-32 years, M=23.3,
SD=4.7). All participants had normal hearing
thresholds as assessed by pure-tone audiometry and
reported no speech, hearing, or language
impairments. Normal hearing was defined as a
threshold <20dB between 0.25 - 8kHz. Participants
were native SSBE speakers and were not bilingual
from birth or a young age.

sure they were understood. Talker A was instructed
to read each sentence only once. Before the main task
commenced, pairs were given 10 sentences as
practice to familiarise them with the procedure.
2.2.2. Experimental conditions
The purpose of the study was to investigate the effects
of temporally fluctuating maskers on speech
production in noise.
Four experimental noise
conditions were used, and one quiet control (NORM)
condition. Speech-shaped noise (SSN) generated
using the long-term spectrum of female read speech
was modulated by 1Hz, 4Hz, and 8Hz square waves
with a modulation depth of one, which resulted in a
stark on-off effect (Figure 1). These three noise
conditions, along with unmodulated SSN, were used.
Both Talker A and B were presented with each
noise at 80dB SPL, as measured with an artificial ear,
inside a ‘virtual room’ Audio3D [1] to simulate the
acoustics of a real room within headphones. In the
quiet condition, there was no noise presented and they
could communicate normally.
Each condition
consisted of a block of 30 Harvard sentences, and
participants were able to rest between blocks. Each
session commenced with the quiet block, followed by
the four noise conditions in a random and
counterbalanced order. Recordings were 2 channels
and sampled at 44.1kHz.
Figure 1: Waveforms of 4Hz square wave
modulated speech-shaped noise (top) and a
sentence spoken in the 4Hz noise condition
(bottom).

2.2. Procedure

2.2.1. Task
The task was designed to elicit read speech in a
communicative situation. Each recording session
included two participants who did not know each
other, who were seated in separate sound-treated
booths and communicated via Beyerdynamic DT297
headsets. One participant, ‘Talker A’, read sentences
from the Harvard corpus to their partner, ‘Talker B’,
who repeated back what they heard. The sentences
were presented on a computer screen using the
presentation software ProRec [14] and Talker A was
able to click an arrow to move to the next sentence.
When the task was complete, the participants
switched places and Talker A became Talker B, and
vice versa.
The first 10 lists of the Harvard corpus were used,
with sentence and list order randomised and
counterbalanced across participants. Therefore, the
same sets, spoken by different participants, were
analysed across conditions. Participants did not hear
the same sentences more than once. Participants were
told that the accuracy of Talker B’s repetition would
be scored, and that it was the job of Talker A to make
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2.3. Data processing
Only Talker A’s speech was analysed as the focus
was read speech intended to achieve communicate
successfully rather than repeated speech.
Orthographic time-aligned transcriptions, including
pauses, were obtained using a speech recognition
service [19], which were converted to Praat
TextGrids [13]. These were manually checked
against the recordings for transcription and alignment
accuracy. Recordings were then segmented into
sentence-level .wav files for analysis.

Figure 3: Amplitude modulation spectrum for each condition, showing the modulation index by modulation rate in
Hz on a logarithmic scale.

2.3.1. Acoustic-phonetic measures
3. RESULTS
Several acoustic-phonetic measures for features
known to vary in Lombard speech were taken for each
recording. Median f0 and mean energy between 13kHz were extracted in Praat. Articulation rate,
measured as syllables/second, was measured using
Praat and the qdap package in R [18] The same
analysis methods were used in [9], where they are
described in more detail.

Statistical analysis on the acoustic Lombard measures
and amplitude modulation spectrum measures was
carried out with linear mixed effects models using the
nlme package in R [17] with ‘condition’ as a fixed
effect (5 levels: NORM, 1Hz, 4Hz, 8Hz, and SSN)
and participant as a random effect. Tukey post-hoc
tests were conducted using the glht function [20].

2.3.2. Amplitude modulations

3.1 Acoustic phonetic measures

Amplitude modulation spectra, similar to the familiar
speech spectrum showing the frequency content of a
signal, were calculated in MATLAB [16] following
the method used in [21] using a gammatone
filterbank, the output of which is analysed for the
frequency components of the temporal envelope. The
maximum modulation index and location of that peak
for each sentence were calculated, as in [21], and the
results averaged for each participant in each
condition. Modulation index, which corresponds to
modulation depth, is a ratio usually between 0 and 1
representing the amount of modulation at a certain
rate (e.g., 4Hz) compared to the that of the whole
envelope.

As predicted, talkers had a significantly higher
median f0 (χ2(4)=111.79, p<.0001) in noise than in
quiet. All noise conditions were significantly higher
than quiet (p<.0001), and SSN was significantly
higher than the three fluctuating maskers (p<.0001),
which did not differ from each other (p>.9). Talkers
also had higher mean energy between 1-3kHz in noise
than in quiet (χ2(4)=64.61, p<.0001), indicating
reduced spectral tilt. Post hoc revealed no significant
differences between noise types, though all were
significantly higher than quiet (p<.001 for all) (Figure
2). These changes in f0 and mid-frequency energy
indicate a characteristic increase in physiological
‘vocal effort’ in noise [7]
Similarly, and consistent with previous research
[5] talkers had a significantly slower articulation rate
in all noise conditions than in quiet (χ2(4)=90.03,
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p<.0001), with post hoc tests revealing no differences
between noise conditions.
Figure 2: Median f0, mean energy between 1-3kHz,
and articulation rate in syllables per second for each
noise condition.

3.2 Amplitude modulations

The maximum modulation index peaks in the
modulation spectra were significantly higher in noise
than in quiet (χ2(4)=18.37, p<.001). Post hoc tests
revealed that SSN (M=0.56, p=.0014) and 1Hz
(M=0.57, p<.001) were higher than quiet (M=0.51),
while 4Hz (M=0.54, p=.16) and 8Hz (M=0.55, p=.67)
were not, and none differed from each other. These
findings of more pronounced modulations in at least
steady-state noise are consistent with [3] (Figure 3).
There was a significant effect of condition on peak
location in Hz (χ2(4)=25.17, p<.0001, quiet
M=3.62). It was predicted that speakers would
produce peaks near the rate of the masker, however
post hoc tests revealed that 1Hz (M=3.24Hz, p=.039)
and 4Hz (M=3.2, p=.0184) shifted to a significantly
lower rate than quiet (M=3.62), and unexpectedly,
SSN (M=3.84) did not differ from quiet (p=.47).
4. DISCUSSION
As predicted, the presence of noise significantly
affected fundamental frequency, mean energy
between 1-3kHz, and articulation rate. These changes
are evidence that adaptations to noise were indeed
being made and are in line with many clear and
Lombard speech studies [e.g. 5, 7, 11].
One of the main aims of the study was to build on
recent findings in [3] that speakers show more
pronounced modulations when speaking in noise,
across a larger number of talkers and noise types in a
controlled, communicative task. Consistent with
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predictions and [3], peak modulation was
significantly higher in several noise conditions than
in quiet. This suggests that speakers employ a more
consistent, pronounced speech rate in noise in order
to communicate successfully. This fits with theories
of neural entrainment where listeners follow temporal
envelope modulations to perceive speech, especially
in difficult conditions [6].
More consistent
modulation at a certain rate might allow listeners to
more easily entrain to the signal. In addition, there
was no difference in peak modulation index between
the condition with the least amount of energetic
masking (EM) in time, the 1Hz condition, and the
most EM, speech-shaped noise. This suggests that
the amount of adaptation in envelope modulations is
not dependent purely on the amount of energetic
content in the masker. Rather, although the 1Hz
condition provided longer silent intervals (250ms),
speakers produced higher modulation peaks (than in
4Hz and 8Hz), suggesting that communication was as
difficult as in steady noise, and that slow fluctuations
did not disrupt their articulation rate.
It was predicted that modulation spectra would
show peaks at the rate of the masker as speakers tried
to ‘fill in the gaps’. However, although peak location
was significantly affected by noise, as seen in figure
3, most peaks shifted downwards rather than towards
the rate of the masker, and the peak for 1Hz did not
lower significantly more than 4 or 8Hz. As the
syllable rate/peak location in the quiet (NORM)
condition was about 4Hz, the results suggest that
rather than ‘fill in the gaps’ (especially in the 4Hz
condition as predicted), which would have required
speakers to increase their speech rate, talkers slowed
down regardless of masker, as reflected by acoustic
measures of syllable rate. This result is consistent
with [15], who suggested that speakers may not be
able to ‘temporally align’ to maskers faster than 2Hz.
Different types of modulation spectra may be more
useful for capturing the nuance of modulations not
dominated by syllable rate by measuring local or
multiple maxima, and sentence level analysis of
temporal alignment and pausing behaviour may show
changes in more detail. This is especially true of the
1Hz condition, which may have elicited more
complex temporal reorganisation strategies. Further
investigation of a greater sample size into amplitude
modulations and communication accuracy could
provide more insight into the relative difficulty of
varying levels of fluctuation in masking noise.
ACKNOWLEDGEMENTS
This work was supported by the Economic and
Social Research Council.

5. REFERENCES
[1] Audio3d: Spatial Audio Simulation System.
https://www.phon.ucl.ac.uk/resource/audio3d/
[2] Aubanel, V., Cooke, M. 2013. Strategies adopted by
talkers faced with fluctuating and competing speech
maskers. The Journal of the Acoustical Society of
America 134, 2884-2894.
[3] Bosker, H., Cooke, M. 2018. Talkers produce more
pronounced amplitude modulations when speaking in
noise. The Journal of the Acoustical Society of
America 143, EL121-EL126.
[4] Bosker, H., Ghitza, O. 2018. Entrained theta
oscillations guide perception of subsequent speech:
behavioural evidence from rate normalisation.
Language, Cognition, and Neuroscience 33, 955-967.
[5] Cooke, M., King, S., Garnier, M., Aubanel, V. 2014.
The listening talker: A review of human an
algorithmic context-induced modifications of speech.
Computer Speech and Language 28, 543-571.
[6] Ding, N., Simon, J.Z. 2012. Emergence of neural
encoding of auditory objects while listening to
competing speakers. Proceedings of the National
Academy of Sciences 109, 11854-11859.
[7] Garnier, M., Heinrich, N. 2014. Speaking in noise:
How does the Lombard effect improve acoustic
contrasts between speech and ambient noise?
Computer Speech and Language 28, 580-597.
[8] Ghitza, O. 2011. Linking speech perception and
neurophysiology: speech decoding guided by
cascaded oscillators locked to the input rhythm.
Frontiers in Psychology 2.
[9] Hazan, V., Tuomainen, O., Kim, J., Davis, C.,
Sheffield, B., Brungart, D. Clear speech adaptations in
spontaneous speech produced by young and older
adults. The Acoustical Society of America 144, 13311346.
[10] Krause, J.C., Braida, L.D., 2004. Acoustic properties
of naturally produced clear speech at normal speaking
rates. The Journal of the Acoustical Society of America
115, 362-378.
[11] Lu, Y., Cooke, M. 2009. Speech modifications
produced in the presence of low-pass and high-pass
filtered noise. The Journal of the Acoustical Society of
America 126, 1495-1499.
[12] MATLAB and Statistics Toolbox Release 2016b, The
MathWorks, Inc., Natick, Massachusetts, United
States.
[13] Praat, a system for doing phonetics by computer.
www.praat.org
[14] ProRec: Speech Prompt and Record System.
https://www.phon.ucl.ac.uk/resource/prorec/
[15] MacDonald, E.N., Raufer, S. 2013. Intelligibility of
speech produced in temporally modulated noise. The
Journal of the Acoustical Society of America 133,
3519.
[16] MATLAB and Statistics Toolbox Release 2016b, The
MathWorks, Inc., Natick, Massachusetts, United
States.
[17] Pinheiro J, Bates D, DebRoy S, Sarkar D and R Core
Team (2018). nlme: Linear and Nonlinear Mixed
Effects Models. R package version 3.1-137.

3303

[18] Rinker, T. W. (2017). qdap: Quantitative Discourse
Analysis Package. 2.3.0. Buffalo, New York.
http://github.com/trinker/qdap
[19] Speechmatics.
Cantab
Research
Ltd.
www.speechmatics.com
[20] Torsten Hothorn, Frank Bretz and Peter Westfall
(2008). Simultaneous Inference in General Parametric
Models. Biometrical Journal 50(3), 346--363.
[21] Varnet, L., Ortiz-Barajas, M.C., Erra, R.G., Gervain,
J., Lorenzi, C. 2017. A cross-linguistic study of speech
modulation spectra. The Journal of the Acoustical
Society of America 142, 1976-1989.

LARYNGEALIZED VOWELS IN TWO ZAPOTEC LANGUAGES
Christina M. Esposito
Macalester College, USA
esposito@macalester.edu
within a speaker, four possible productions of this
vowel type were found: [VɁV], [VV̰V], [VV̰ːV̆],
[VV̰V̰]. And, in a study on phonation type in San
Miguel Cajonos Zapotec, a related Villa Alta
language, which contrasts modal, breathy, creaky,
checked, and pressed vowels, [8] showed that
pressed vowels (which correspond to rearticulated
vowels in other Zapotec languages but without a
fully-articulated glottal stop) constituted their own
phonation category, distinct from creaky. The
checked vowels, on the other hand, were found to
be a sequence of a modal vowel followed by a
glottal stop (though they were frequently produced
with creak) [8]. This suggests a four-way
phonation contrast for San Miguel Cajonos
Zapotec: modal, breathy, creaky, and pressed.
The current study examines creaky, checked,
and rearticulated vowels in two varieties of Valley
Zapotec languages: Santa Ana del Valle Zapotec
(SADVZ) and Santiago Matatlán Zapotec (SMZ).
The Valley Zapotec languages are spoken in the
Valley of Oaxaca and, to some extent, are
linguistically different from the Villa Alta Zapotec
languages. SADVZ and SMZ include creaky,
checked, and rearticulated vowels, in addition to
breathy and modal ones. Both are tonal languages,
but the tone is largely predictable from the
phonation type. In both languages, breathy
phonation is produced with a small fall in f0, while
creaky, checked, and rearticulated vowels are
produced with a larger fall in f0. In SMZ, the
modal vowels have a high level f0, while in
SADVZ they can be either high or high-rising (see
Esposito [3] for more information on the tone and
phonation of SADVZ.)
The three vowels, checked, creaky, and
rearticulated, are structurally different when
produced in their full form [VɁ], [V̰], [VɁV].
However, due to free variation in production, there
is potential for homophony. Accounts report
pronunciations similar to (1) a creaky vowel
without an intervening glottal stop or (2) a checked
vowel because the second vowel in the
rearticulated sequence optionally deletes. Thus,
rearticulated vowels are potentially homophonous
with either creaky or checked vowels. How are
these homophonous forms distinct? The current

ABSTRACT
Zapotec languages contrast three types of
laryngealized vowels: (1) ‘checked’, a vowel
followed by a glottal stop, (2) creaky (3)
‘rearticulated’, a sequence of vowels with an
intervening glottal stop [VɁV]. The current study
examines these vowel types in Santa Ana del Valle
Zapotec and Santiago Matatlán Zapotec. Given
that creaky, checked, and rearticulated vowels are
all characterized by creak, how are these vowel
types
distinguished?
Acoustic
and
electroglottographic measures were made for each
vowel type. Results were similar across languages.
There was variation in the production of the
rearticulated and checked vowels. Both vowel
types were sometimes produced as [V̰], a creaky
vowel without either the echo vowel or glottal
stop. Phonemically creaky vowels had earlier
onsets of creak than checked or rearticulated
vowels, suggesting that listeners may be attuned to
the timing differences in phonation in order to
perceive the differences between these vowel
types.
Keywords: phonation, Zapotec, laryngealization,
voice quality

1. INTRODUCTION
Accounts of Zapotec languages describe a complex
laryngeal system that contrasts up to three vowel
types: (1) ‘checked’, defined as a vowel followed
by a glottal stop [VɁ], (2) creaky [V̰], and (3)
‘rearticulated’, described as a sequence of two
vowels (often with the same quality) with an
intervening glottal stop [VɁV]. San Lucas Quiaviní
Zapotec [6] is an example of languages that
contrasts these three vowel types.
Previous research on the acoustic properties of
laryngealization in Zapotec has focused on the
Villa Alta subgroup of Zapotec languages spoken
in the Villa Alta region of Oaxaca, Mexico. In
Yalálag Zapotec [1], which contrasts modal and
rearticulated vowels, the pronunciation of the
rearticulated vowels was found to be quite
complex with a great deal of free variation. Even
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study uses both acoustic and electroglottographic
measurements to answer this question.

vocal folds during the closing phase—were
measured. These measures were selected based on
[3], which showed that measures of vocal fold
closure speed worked best for male speakers of
SADVZ. Both spectral measures (H1*–H2* and
H1*–A3*) were corrected for surrounding formant
frequencies and bandwidths using the method
described in [5]. Corrections, which were done
automatically in VoiceSauce [9], are marked with an
asterisk after the harmonic (e.g. H1*). Duration and f0
were also measured for both languages.

2. METHODS
2.1. Speakers
Three male speakers of SADVZ and four male
speakers of SMZ were recorded for this study. All
were native speakers of Spanish in addition to
Zapotec. Speakers ranged from 30-50 years of age.
All were from Oaxaca, Mexico, but now reside in
Los Angeles, California. All speakers reported that
they speak Zapotec daily. The influence from other
languages, such as Spanish and English, is not
known.
2.2.

Measurements were made automatically over nine
time points by averaging the value (for a given
measure) of that part. To determine the properties
of the laryngealized vowels, points 1, 5, and 9
(essentially, the beginning, middle, and end of the
vowel) were examined.

Speech Materials

Monosyllabic words were recorded per vowel type
(checked, creaky, and rearticulated) for a total of
30 words in each language. Words were repeated
three times by each speaker (SADVZ: 3 speakers
X 30 words X 3x = 270 tokens; SMZ 4 speakers X
30 words X 3x = 360 tokens). Rearticulated vowels
occur only in open syllables. Creaky and checked
vowels may occur in either open or closed
syllables; both syllable types were included in the
wordlist.
2.3.

3. RESULTS
The three vowel types, when produced in their full
form ([VɁ], [V̰], and [VɁV]) are structurally
distinct. But, what happens in cases where the
variation in production leads to homophony?
As an initial step, tokens were examined for the
type of variation previously reported. Across both
languages, about half of the productions of
rearticulated vowels were produced as [VɁV]; the
second vowel was, at times, voiceless. The
remaining productions were produced as a creaky
vowel [V̰], without an echo vowel or glottal stop.
These will be referred to as “reduced-rearticulated”
below. Interestingly, the check vowels also
demonstrated variation; about a third of the time,
they were produced without a glottal stop, but with
creak [V̰]; these will be referred to as “reducedchecked”. Due to the variation in the production of
checked and rearticulated vowels, all three vowel
types manifested as [V̰]. How are these three types
of creaky vowels different? Only these potential
homophonous forms will be the subject of the
investigation.

Procedure

Simultaneous audio and electroglottographic
recordings were made using a Glottal Enterprises
two-channel electroglottograph (EGG). Acoustic
and EGG measurements were made automatically
using VoiceSauce ([9]) and EGGWorks ([7]),
respectively.
For SMZ, the amplitude of the first harmonic
minus the amplitude of the second harmonic (H1*–
H2*) and closed quotient (CQ), the closed phase of
the glottal cycle divided by the sum of the closed
phase and the open phase (as measured from the
EGG signal) were measured. Pilot research
conducted showed that H1*–H2* and CQ were the
best measures of phonation in this language, in that
they distinguish phonation in the expected
directions. For SADVZ, the amplitude of the first
harmonic minus the amplitude of highest harmonic
near the third formant (H1*–A3*) and DerivativeEGG Closure Peak Amplitude (DECPA), the
positive peak value from the derivative of the EGG
signal (dEGG)—which reflects the speed of the

Separate repeated measures ANOVAs for
each language (at each of the three time points)
and post-hoc pair-wise comparisons were used to
determine if there was a significant (p ≤ .001)
difference between the reduced-checked, creaky,
and reduced-rearticulated.
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3.1.

two vowel types. At this time point, the creaky
vowels displayed much creakier phonation, than
the checked and rearticulated vowels. By the end
of the vowel, reduced-checked, creaky, and
reduced-rearticulated were not significantly
different; all three vowels types were produced
with creaky voice.

Voice measurements

The results of the acoustic and EGG measures for
the three manifestations of [V̰], reduced-checked,
creaky, and reduced-rearticulated, in SADVZ and
SMZ are presented in Figures 1 and 2.
Figure 1: Graph of the average H1*–A3* (left)
and H1*-H2*(right) (dB) for three types of
SADVZ (left) and SMZ (right) laryngealized
vowels: reduced-checked, creaky, and reducedrearticulated vowels at three time points. An
asterisk indicates that there is a significant
difference between creaky vowels and the two
other vowel types at this timepoint.

*

SADVZ

3.2.

There was not a significant difference in the f0 of
the three vowel types. All were characterized by a
falling pitch, with roughly the same F0 value (see
Figure 3).
Figure 3: Graph of the average F0 (Hz) for
reduced-checked,
creaky,
and
reducedrearticulated vowels at three time points in
SADVZ (left) and SMZ (right).

*

SMZ

Figure 2: Graph of the average DECPA (left) and
CQ (right) (uncalibrated units) for three types of
SADVZ (left) and SMZ (right) laryngealized
vowels: reduced-checked/, creaky, and reducedrearticulated vowels at three time points. An
asterisk indicates that there is a significant difference
between creaky vowels and the two other vowel
types at this time point.

SADVZ

SMZ

3.3. Duration
The duration (ms) of all three vowel types is
graphed in Figure 4. There was a significant
difference in the duration between the creaky and
reduced vowels. The reduced-rearticulated and
reduced-checked vowels were significantly longer
than phonemically creaky vowels. This may be
due to a compensatory lengthening of the reduced
vowels that take place after deletion of segment(s).

*

*

SADVZ

F0

Figure 4: Graph of the average duration (ms) for
three types of SADVZ (left) and SMZ (right)
laryngealized vowels: reduced-checked, creaky,
and reduced-rearticulated vowels. An asterisk
indicates that there was a significant difference
between creaky vowels and the two other vowel
types.

SMZ

The results of the acoustic and EGG measures
were similar and will be discussed simultaneously.
For both languages, at the beginning of the vowel,
there was no significant difference between the
three vowel types. All three vowels displayed a
rather modal-like phonation at the onset. However,
by the middle of the vowel, there was a significant
difference between the creaky vowels and the other

*
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presented here for Zapotec, it is the timing and
magnitude of the non-modal phonation that
distinguishes phonation types [4]. These results
suggest that listeners may be attuned to timing
differences in phonation in order to perceive the
difference between similar phonation types with a
language.

4. DISCUSSION AND CONCLUSION
The goal of the current study was to determine
how checked, creaky, and rearticulated vowels
might be distinguished in two Valley Zapotec
languages, especially in cases of reduction that
could lead to homophony. When fully-articulated,
the three vowel types were structurally different
[VɁ], [VɁV], [V̰]. However, there was variation in
the production of rearticulated vowels, with some
productions consisting of simply a creaky vowel
[V̰]. Similar variation was observed for the
checked vowels, which were sometimes produced
without a glottal stop, but with creak [V̰]. Thus,
there are three types of [V̰]: phonemically creaky
vowels, reduced-rearticulated vowels, and reducedchecked vowels. However, there is a difference in
degree and timing for phonemically creaky vowels.
Phonemically creaky vowels display a greater
degree of creaky phonation earlier on in the vowel
than the other two vowel types. Phonemically
creaky vowels are also shorter in duration than the
reduced-rearticulated and reduced-checked vowel
types. It is not clear what distinguishes the
reduced-rearticulated
from
reduced-checked
vowels; they possess similar voice qualities,
durations, and tonal patterns; it is possible that
these reduced forms are the same, but that remains
an area for additional research.
In both languages, minimal contrast sets exist
(e.g. [baɁ] ‘testicle’, [ba̰] ‘eyeball’, [baɁa] ‘tomb’
in SADVZ). Thus, speakers must be able to
distinguish between the categories when there is
reduction in the pronunciation. All three are
characterized by falling tones; tone can not be a
perceptual cue to the difference between these
vowels. The glottal stop alone does not always aid
listeners either, since it appears to be optional. It is
possible that listeners are sensitive to the
difference in the timing of phonation and duration
of these vowel types. The earlier onset of creak and
shorter duration for the creaky vowel may play a
role in perception.
Cross-linguistically, we see evidence for the
importance of timing and magnitude in the
production of phonation types [2,4], especially in
cases where there are two similar but distinct
manifestation of a particular phonation type within
a language. For instance, Gujarati and White
Hmong both possess two types of breathy voice:
breathy-voiced aspirated consonants ([Cʱ]) and
breathy vowels ([V̤]). Similar to the results
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ABSTRACT

the issues raised by articulatory models derived from
medical images of one subject is the validity of the
model for other speakers.

In this work we study how the head position in relation to that of the cerebral vertebrae affects phonation of five vowels of French. Our aim is to examine
how this affects acoustic parameters, draw conclusions to adapt acoustic simulations and vocal tract
geometric models for articulatory synthesis, verify
whether the effect of posture is observable and evaluate the changes in the formant frequencies. We use
MRI data to capture the shape of the vocal tract in
three different positions per vowel, with simultaneous speech signal recording. We use acoustic simulations with no underlying plane wave hypothesis to
see how the acoustic wave propagates. We simulate
three head postures (up, middle/natural and down)
for every vowel, compare the results with the original speech signal and validate the existence of difference both in the acoustic domain in terms of formant frequencies and in the articulatory domain, especially in the pharyngeal cavity.

Maeda [15] developed a procedure that consists of
separately adapting the sizes of the mouth and pharynx. This distinction between the two parts of the
vocal tract is based on the observation that the size of
the pharyngeal and mouth cavities depends on both
gender and, predictably, age. A slightly more elaborate approach adapted to a more complex articulatory model has been developed in [19] and tested
with a model developed on one speaker which was
used to fit mid-sagittal vocal tract shapes of another
speaker.
In the first works dedicated to articulatory modeling carried out with X-ray images, speakers were
sitting and adopting a fairly natural position to produce speech. More recent articulatory data are acquired with MRI in a supine position, and the head
posture is largely dictated by the position of the
MRI antenna and foam, which is used to prevent
it from moving during acquisitions. Consequently,
the position of the head is not natural, and above
all it can vary significantly between two acquisitions, and a fortiori between two machines. The
articulatory models that can be derived from those
data implicitly incorporate the head posture. Experiments carried out to fit dynamic MRI data of one
speaker with an articulatory model built for a reference speaker have shown that the adaptation procedure fails to approximate the whole vocal tract.
More precisely, it turned out that the tongue can be
fitted fairly well, which is not the case for the pharyngeal cavity whose width deviates from what is
predicted by the model. In addition, this deviation
is likely to change the acoustic properties of speech,
and formant frequencies in particular.

Keywords: Head position, Speech phonation,
Acoustic simulation, French vowels, MRI
1. INTRODUCTION
In recent years, articulatory synthesis has aroused
considerable scientific interest [20, 13, 3]. This is
due in particular to recent advances in the field of
acoustic simulations (the possibility of taking into
account the complexity of the vocal tract [7], or
better coordinating glottis opening and supraglottal
cavities for consonants [8] for instance) that open up
new possibilities in terms of the quality of the speech
produced. These advances also rely on articulatory
data that are more precise and accurate thanks to the
emergence of Magnetic Resonance Imaging (MRI).
The geometric shape of the vocal tract can be derived from images of a film or be generated at each
time point by an articulatory model [14, 1, 2, 12].
Apart from models based on geometric primitives,
the models are generally constructed using factor
analysis [1] applied to a corpus of two or threedimensional MRI images of the vocal tract. One of

For this reason we are interested in assessing the
geometrical and acoustic consequences of head posture in speech production from MRI data by using
direct formant estimation and acoustic simulations.
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2. MATERIALS AND METHODS

2.2. Data processing

For the processing of the MRI images, we used ITKSNAP software [23]. This software was specifically
designed for medical image segmentation. It employs some popular algorithms like geodesic active
contours [5] and region competition [24] for automatic 2D/3D segmentation. It also offers some options for manual segmentation like polygon based
tools and various types of paint brushes.

The pipeline of this study is 1) MRI data and speech
signal acquisition, 2) data processing, and 3) acoustic simulations.
2.1. Data acquisition

For the purpose of this study, we used the MRI data
part of a study approved by an ethics committee and
the subject gave written informed consent (ClinicalTrials.gov identifier: NCT02887053). The subject
retained for the data acquisition is a healthy male
French native speaker at the age of 57, without any
reported speaking or hearing problems.
The MRI data was acquired on a Siemens Prisma
3T scanner (Siemens, Erlangen, Germany) with gradient of 80mT /m amplitude and 200mT /m/ms slew
rate. We used the 3-dimensional cartesian gradient echo RF spoiled vibe sequence (T R = 3.8 ms,
T E = 1.41, FOV = 235 × 260 mm, f lip angle = 7.5
degrees) for the acquisition. The pixel bandwidth is
445Hz/pixel with an image resolution of 320 × 290.
Scan slice thickness is 1.2 mm and the number of
slices is 36. The pixel spacing is 0.8125 and the acceleration factor is 3 iPAT.
The subject’s vocal tract is imaged while he lay
supine in the MRI scanner with his head in three
positions: up, middle/normal and down. Additional
phantoms were used to stabilize the head in each position and help the subject reach and maintain the
two extreme. Between the different head positions,
the phantom position was re-initialized to ensure the
maximum possible lengthening and shortening of
the vocal tract. However, there were limitations to
how far the subject could tilt his head due to the coil.
The recording time for the subject, including initializations, calibrations and pauses between head
positions and phonemes, was 2 hours.
Audio is recorded at a sampling frequency of 16
kHz inside the MRI scanner using FOMRI III (Optoacoustics, Or Yehuda, Israel) fiber optic microphone. The subject pronounces each vowel to be
recorded twice before the MRI acquisition starts and
once as the MRI machine is on. The latter repetition
takes around 7.4 s of sustained phonation.
The subject wears ear plugs for protection from
the scanner noise, but is still able to communicate
orally with the experimenters via an in-scanner intercom system.
Since the sound is recorded at the same session of
the MRI acquisition, there is additional noise in the
audio signal. Details on how we treated this issue
are described in the experiment section.

2.3. Acoustic simulations

For the purposes of our experiments, we used kwave toolbox for MATLAB [22] to simulate how the
acoustic wave propagates through the vocal tract until it reaches the lips. The applications of k-wave
toolbox range from acoustic [21] and ultrasound
wave propagation to photoacoustic tomography.
Although there are various popular methods for
acoustic wave propagation, such as finite differences, finite elements and boundary element methods, in general they require a lot of time since they
require a small time step and a lot of grid points per
wavelength. k-wave solves these issues by interpolating a Fourier series through all of the grid points
to get an estimation of the gradient. This way, the
computations require fewer grid points since it employs Fast Fourier Transform (FFT), which enables
them to make the calculations faster. An issue that
arises is that as the wave reaches the grid boundaries,
it keeps propagating by entering from the opposite
site. To prevent this, k-wave implements an absorbing boundary condition called Perfect Match Layer
(PML).
3. EXPERIMENTS
The experiment can be divided into three parts: 1)
image information extraction, 2) formant estimation,
and 3) acoustic simulations.
3.1. Image information extraction

The data that we used for the experiment is 3D MRI
data of the vocal tract of five vowels of French language /a/, /œ/, /i/, /o/, /y/, in three different head
positions: up, natural and down. Using tools provided by ITK-SNAP, we manually segmented the
vocal tract of the mid-sagital slice. We then used
meshlab [6] to apply Laplacian smoothing filtering
with a step of 3 to all the images.
In order to measure the head position, we used the
measurement proposed in [16]. The main idea is to
use an angle defined by two lines to define the head
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position. The first line is the one that connects the
interior edge of the C2-C3 cervical vertebrae. The
second line is the one that connects the posterior
tip of the spinous process of C1 and the tuberculum
sella. As shown in Figure 1, number 1 corresponds
to the first line, number 2 corresponds to the second
line, while number 3 corresponds to the calculated
angle. We used imageJ software [18] to manually
specify the lines and make the angle computations.
The average angle was 144.8 ± 0.6◦ , 124.7 ± 0.8◦ ,
101.3 ± 1.1◦ for the up, normal and natural position
respectively. Since there is at least 20◦ of difference
between the three positions, we were expecting to
notice some difference in phonation [10].

Figure 2: Narrow band spectrum (curve with harmonics) and the true envelope spectrum (smooth
curve) of /a/

"true envelope" [9, 17]. The advantage of cepstral
smoothing is that it does not impose the implicit assumption of an all-pole model. Compared to linear cepstral smoothing, true envelope algorithm provides the additional advantage of approximating harmonics instead of smoothing the spectrum.
Figure 2 shows the narrow band spectrum (curve
with harmonics) and the true envelope spectrum
(smooth curve), obtained with Winsnoori [11].
Once the MRI acquisition starts the MRI noise
takes over speech. Denoising this speech offers a
much better speech quality perception, but at the
same time degrades the intrinsic acoustic properties
of speech. In particular, the detection of spectral
peaks corresponding to formants becomes chaotic,
and we had great difficulty in determining the formants in the denoised speech. We thus visually
checked that harmonics of speech still present were
compatible with the formants of the vowel just before acquisition (although they were strongly dominated by the MRI machine noise).

Figure 1: 2D segmentation of /o/ (top row) and
/i/ (bottom row) vowels at up, normal and down
position from left to right. Lines 1 and 2 are used
to define the angle 3 of the head position
3.2. Formant estimation

3.3. Acoustic simulations

In the case of a standard speech signal (recorded in
a fairly quiet room) formants can be extracted by
applying standard algorithms, e.g. linear prediction
coding (LPC) which is used in Praat [4]. For speech
recorded in an MRI machine, the situation is quite
different. First, the amplitude of the signal becomes
much higher when the machine starts acquiring images. Since the signal must not be clipped even
when the noise machine is intense, the recording
level is low, and consequently the signal is poorly
defined. Second, the transfer function of the optical
microphone (for instance in the case of our FOMRI
III (Optoacoustics, Or Yehuda, Israel)) attenuates
the energy at low frequencies, and consequently the
energy of the first formant is always lower than expected. This is important because LPC cannot be
used anymore since F1 is often too weak to be detected. We therefore resorted to an algorithm derived
from the standard linear cepstral smoothing called

We used k-wave toolbox for MATLAB in order to
make acoustic simulations. At this point, the data
are in the form of a 3D shaped surface with sagittal
width of 1.2mm which is the slice thickness of our
3D MRI. Each 3D surface mesh is then transformed
into a voxel-based grid from which we take its projection to a 2D plane parallel to the sagittal slice.
In order to run the simulation, one should specify the simulation parameters mainly based on three
aspects: 1) having a good approximation of the realistic conditions, 2) stability of the simulation and 3)
acquiring sufficient duration of simulated signal.
In our case, the computational grid has a size
of 128 × 128 (coronal × axial) with grid spacing
dx = dy = 1mm. k-wave uses Fast Fourier Transform (FFT) for computations; therefore, it is suggested to use numbers with low prime factors (ideally powers of 2) as grid dimensions. A PML layer
of 10 grid points was added at the boundaries of ev-
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ery side to solve the issue of circular wave propagation that happens when simulating with k-wave,
the problem that was mentioned in the method section. We manually select the source position of every vowel to correspond to the position of the vocal
folds. As a source, we used a disc of 5 grid point
radius that emits a delta pulse of pressure (spreading equally to all directions) and 1Pa amplitude.
The medium properties inside the vocal tract were
cin = 350m/s, din = 1kg/m3 and the properties outside were cout = 1000m/s, dout = 1000kg/m3 , where
cin , cout are the speed, and din , dout are the densities
inside and outside the vocal tract respectively. We
simulated the signal for 30ms, with a time step of
3 ∗ 10−8 , resulting in 1000001 signal samples. The
pressure signal was recorded with a sensor placed at
the end of the vocal tract and the maximum allowed
frequency of the grid was 175KHz. Every simulation takes 3 hours and 20 minutes on average.
Finally, we computed the transfer function of every vocal tract and computed the peaks that appear
in the frequency domain to compare them with the
formants of the original audio signal as shown in Table 1.

Table 1: Formants of the five vowels in three positions. The formants of the speech signal are
marked as sp, and the formants from the simulations as sim

/a/ - upsp
/a/ - naturalsp
/a/ - downsp
/a/ - upsim
/a/ - naturalsim
/a/ - downsim
/œ/ - upsp
/œ/ - naturalsp
/œ/ - downsp
/œ/ - upsim
/œ/ - naturalsim
/œ/ - downsim
/i/ - upsp
/i/ - naturalsp
/i/ - downsp
/i/ - upsim
/i/ - naturalsim
/i/ - downsim
/o /- upsp
/o /- naturalsp
/o /- downsp
/o/ - upsim
/o/ - naturalsim
/o/ - downsim
/u/ - upsp
/u/ - naturalsp
/u/ - downsp
/u/ - upsim
/u/ - naturalsim
/u/ - downsim

4. DISCUSSION
The visual inspection of images shows that the up
position (bigger angle between the pharyngeal and
mouth cavity) increases the volume of the back cavity corresponding to the pharynx but reduces its
length. Conversely, the down position essentially results in a change in the angle between the two cavities, and in a smaller size of the front cavity but
does not significantly change the volume of the pharyngeal cavity. The acoustic impact of these modifications are visible in Table 1. It should be noted
that the variations in formant frequencies between
the neutral position and the other two positions are
confirmed by acoustic simulations in terms of direction, even if their magnitude is sometimes different.
This last point can be explained by the fact that numerical simulations are bidimensional and that formants were measured with some difficulties in the
noisy speech.
In terms of formant frequencies the effect is quite
negligible for the first formant of vowels that have
a large pharyngeal cavity because the volume increase of the Helmolz resonator is proportionally
quite small. On the other hand, the effect is more
pronounced for F2, either because it corresponds to
the half wavelength for the pharyngeal cavity for /i/
which results in a lower value for the neutral and
down positions (longer pharyngeal cavity), or be-

F1
648
699
696
667
660
637
367
388
375
314
313
311
269
250
272
275
243
281
378
360
360
379
331
325
294
257
299
276
231
281

F2
1155
1112
1065
1156
1321
1074
1345
1245
1257
1421
1301
1323
1900
1830
1810
2049
1867
1742
774
754
750
790
867
799
686
760
769
799
829
875

F3
2213
2261
1970
2213
2294
2089
2134
2077
1901
2168
1975
1867
3040
2940
3215
2983
2801
3147
2159
2013
1839
2139
1954
1873
2008
1949
1822
1940
1915
1826

cause it corresponds to the Helmholz resonator of
the mouth in the case of /u/ and /o/ for the neutral
and down positions, which results in a higher value
(smaller volume). Future work will focus on techniques for adapting articulatory models from these
data and observations.
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ABSTRACT
Background. Auditory and somatosensory feedback
modulate speech production. In particular,
perturbing the somatosensory system has been
shown to impact consonant production.
Objective. To investigate the role of somatosensory
feedback in the production of the English vowel /i/.
Methods. Thirty-three female, native English
speakers were randomly assigned to control and
experimental groups. The experimental group
received 15 ml of 2% lidocaine mouthwash, whereas
the control group received a visually comparable
solution without anaesthetic. Participants produced
10 repetitions of four words (/bit, bæt, but, bɑt/) in
random order. Formant frequencies (F1, F2) of /i/
were extracted, and analysed separately using a twoway mixed ANOVA.
Results. In the vowel /i/, F1 decreased in the
experimental condition compared to the control
group.
Conclusions. The results suggest that lidocaine
impacts the production of the vowel /i/ due to the
reliance on somatosensory feedback.
1. INTRODUCTION
The speech production system is highly complex
and involves the coordination of auditory, motor,
and somatosensory subsystems [1-5].
Somatosensory feedback plays a crucial role in
monitoring and correcting complex motor tasks like
hand grip force [6], and gait [7,8]. Similar
somatosensory feedback mechanisms are expected
to play a role in the speech production system [35]. Specifically, the motor system adapts and
corrects the somatosensory perturbation caused by
the mechanical load, without affecting the auditory
output of speech. Mechanical perturbation studies
[3-5] provide an indirect measurement of the effect
of somatosensory feedback on speech.
Early studies that directly perturb somatosensory
feedback using nerve blocks have found observable
effects in affricates, sibilants and liquids [9-11].
This observable effect has also been demonstrated
in vowels. Niemi et al., [12-14] analysed Finnish

vowel productions after anesthetizing participant
lingual nerves. Changes in formant values varied
across individuals with no specific group level
perturbation pattern emerging.
In the present study, the role of oral
somatosensory feedback in vowel /i/ is studied by
experimentally manipulating the oral sensations,
specifically, by topically anaesthetizing the oral
cavity. For the vowel/i/, the anterior, lateral and
posterior portions physically contact the hard palate
[15, 16]. The abundance of biomechanical evidence
on the tongue-to-hard palate contact in the vowel /i/
makes the case for an ideal preliminary study on
somatosensory feedback. Based on the results from
mechanical perturbation studies, it is expected that
perturbing the oral sensory system with a numbing
agent would lead to acoustic changes. If systematic
changes are observed, the potential role of
somatosensory feedback in vowel production will be
further understood.
2. METHODS
The present study was conducted as part of a larger
study on the relationship between reading and
speaking. The present paper only reports the
methods and results of the speech production task.
2.1. Participants

Thirty-five university students (F=33, M=2) were
recruited (mean age= 26.5, SD =4.95) to participate
in the study. The study took place at the University
of Alberta (Edmonton, Alberta). All participants
were native English speakers, reported normal
hearing and speech, and no neurophysiological
problems. Informed consent was obtained from
every participant. The study protocol was approved
by University of Alberta Health Research Ethics
Board - Health Panel (Pro00068658).
2.2. Stimuli

Recordings of four words (/bit, bæt, but, bɑt/) were
made by a 28-year-old female native English
speaker with a Southern Ontario Canadian accent.
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These words were designed to contain four vowels
within a consonant-vowel-consonant sequence
(CVC) realized as /i, æ, u/, and /ɑ/. The CVC
context was used to keep the phonetic context
consistent for the /i/ vowel. The purpose of including
four words was to provide variation and reduce a
potential repetition effect. Stimuli were recorded
using a dynamic microphone (SHURE SM58), and
an amplifier (Steinburg UR 22 mkII). The mouth-tomicrophone distance was 10 cm. Audacity (2.1.2)
was used for recordings, which were sampled at a
rate of 44.1 kHz. Once recorded, each sound file was
scaled in amplitude to ensure level (dB) was the
same across all four words. The time before the
onset of each stop consonant was also standardized
to 0.05s for all words. To reduce natural variation,
the recorded words were repeated ten times and
randomized to create stimulus set of 40 productions.
The inter-stimulus interval was set to length of each
of word in seconds.The F1 and F2 of the stimulus /i/
were 247.63 Hz and 2944.67 Hz respectively
(measured as described in section 2.4.1).
2.3. Procedure

2.3.1 Group Assignment
Participants were randomly assigned to two groups,
using an online random number generator
(https://www.randomizer.org/): control (N=16), and
experimental (N=19). In the experimental group,
participants were given 15 ml of 2% lidocaine
solution. Lidocaine is a sodium-channel inhibitor
that acts rapidly to induce anaesthesia lasting up to
one hour when applied topically to mucous
membranes, such as the oral cavity [17]. To isolate
the effect of lidocaine, a control group was given a
corn syrup solution similar in colour and consistency
to the experimental group which did not contain
lidocaine (15 ml in total: 10 ml water, 5 ml corn
syrup, two to three drops of food colouring).
Participants were instructed to: “Swish this in your
mouth for 60 seconds (I will time you). Then spit it
into the sink. Do not swallow the mouthwash.”
2.3.2 Group Assignment
The same recording set up as for speech stimuli
(microphone and amplifier) was used for participant
recordings. Stimuli were presented binaurally
through a set of headphones. The sound quality of
recordings was checked using Audacity (2.1.2) at the
beginning of each recording session. Participants
were given the following instructions: “Once you
hear the word, you will be asked to repeat it right
after.” Stimuli were randomized for each participant,
presented, and recorded using a custom MATLAB
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(2018b) script [18]. Recordings took place before
and immediately after the mouthwash manipulation.
2.3.3 Degree of Topical Anaesthesia Measurements
Immediately after the second recording block (post
mouthwash), participants completed two
measurements to determine the degree of topical
anaesthesia (i.e. ‘numbness’). The first, a visual
analogue scale with two endpoints: “no numbness”
to “completely numb”. Participants were asked to
indicate with a tick mark the degree of numbness
felt. The second, an image of the oral cavity, where
participants were asked to mark anatomical regions
in which numbness was felt.
2.4. Data Analysis

2.4.1 Pre-processing
Vowel formants (F1, F2) were extracted using
custom code written in MATLAB. The most stable
portion of vowel was segmented in Praat (6043,
2018) [19]. A pre-emphasis filter was applied and
then Burg’s method was used to extract the spectral
envelopes of each of the vowels (8192 FFT, order
40). The parameters were selected based on trial and
error to broadly match the typical range of formant
values for /i/ [20]. F1 frequencies were slightly
lower than values in [20] and F2 frequencies were
similar to values in [20].
2.4.2 Statistical Analysis
All statistical analyses were carried out using R
statistical software (version 3.5.1) [22]. Two
separate mixed ANOVAs were conducted for F1 and
F2 of the vowel [i], with Time (Pre-and post mouthwash) as the within subjects factor, and Group
(Control, Experimental) as the between subjects
factor. Model assumptions were checked using
visual inspection and statistical tests of normality
and homogeneity of variance. The data showed a
positively skewed distribution and was log10
transformed. Standard deviations for each subject
were calculated pre and post for F1 and F2. The
standard deviations were comparable for both
groups (paired t-test, ns). The two male participants
were excluded from the analysis. Outliers (values
>3 standard deviations) were removed by trial rather
than by participant. Post hoc tests were performed
with Bonferroni correction (alpha=0.017). Effect
size was measured using Cohen’s d.

3. RESULTS
Figure 2: Mean F1 divided by group and time.

3.1. Numbness measurements

3.1.1 Self-perceived numbness scale
In the control group, the mean numbness rating was
0.51/10, with a range of 0-0.21. In the experimental
group, the mean numbness rating was 6.25/10 with a
range of 2.1-9.3. This difference was statistically
significant (t-test, p<0.001). Figure 1 shows the
percentage of oral cavity regions that were perceived
as numb by participants in the experimental group.
Highest rates of numbness were reported for the
tongue and lips.
Figure 1: Percentage of self-reported numbness by oral
cavity region. Figure is adapted from: OpenStax college,
obtained from Anatomy & Physiology, Connexions,
http://cnx.org/content/col11496/1.6/.

3.1.2

F2 showed only a significant main effect of
Group (F= (1,32) = 6.37, p= 0.02, Cohen’s
d=0.196). Post hoc tests showed no difference
between control and experimental groups before
mouthwash (p=0.055, d=0.632). Finally, a
significant difference was found between the control
and experimental groups after mouthwash (p=0.014,
Cohen’s d= 0.802). The results are visualized in
Figure 3.
Figure 3: Mean F2 divided by group and time.

Formant Results
ANOVA analysis for F1 showed no significant main
effects. However, there was a significant interaction
for Group x Time (F (1, 32) =5.49, p=0.03, Cohen’s
d=0.336). Post-hoc tests showed no difference in
control group (paired t-test, p=0.46, Cohen’s
d=0.005) whereas in the experimental group, F1
decreased after lidocaine exposure (paired t-test,
p=0.01, Cohen’s d=0.338). The results are depicted
in Figure 2 in raw units although the comparisons
were made in log-transformed units.

3.1.3 Additional Analyses
To further check data quality, F1 and F2 of the
stimuli were compared to participant formants. In
the recordings before the mouthwash, the
participants trended towards a higher F1 compared
to the stimulus target (unpaired t-test, p=0.06). The
pre-mouthwash F2 values of both groups were
substantially higher than the stimulus target
(unpaired t-test, p<10-15).
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4. DISCUSSION
The results of this study show that perturbation of
the intraoral somatosensory system modulates F1 of
the English vowel /i/. However, the way in which
this perturbation modulates both F1 and F2 is
subject to further investigation.
Congruent with earlier findings [12-14], we
observed changes in formants after numbing the oral
cavity. As opposed to the findings in [12-14], our
findings indicate systematic changes in F1 at the
group level. Since earlier studies have largely used a
case series design, the present results may reflect an
increase in statistical power showing the relatively
weaker group level effects. In addition, the present
study used topical anaesthetic as opposed to nerve
blocks used in earlier studies potentially inducing
more congruent compensatory behaviours [10-14].
While articulatory changes underlie the observed
changes in formants, they were not directly
measured. Formant extraction is an error-prone,
indirect measurement of the biomechanical
configurations of the vocal tract [22]. Extant
experimental evidence does not allow for a direct
prediction of acoustic related changes based on
biomechanics [23, 24]. Therefore, direct kinematic
measurements would be required to understand
changes underlying tongue position. Based on
perturbation analyses of vocal tract shapes and
corresponding computed formant frequencies, the
observed difference in formant patterns during /i/
may be explained by the tongue being bunched
slightly further along hard palate towards the soft
palate; thereby lengthening the narrow air column
between tongue and palate in the experimental group
compared to the control group [25-30]. In the
experimental group, the tongue could be pushed
pushed harder against the palate to restore oral
somatosensory feedback.
For F2, statistical analyses showed only a
significant main effect for Group in F2. Post hoc
tests only reached significance when comparing post
F2 values between the control and experimental
groups. Surprisingly, the control group seemed to
have increased F2 values after swishing with the
mouthwash while the experimental group seemed to
have a decreased F2. However, a systematic
lowering or raising pattern was not found for F2.
This may be explained by natural variation in the
way the experimental and control groups imitated
the stimulus target. Statistical analyses showed that
both groups were statistically different in their F2
productions before the lidocaine manipulation.
Future studies using greater sample sizes may reveal
a more systematic effect of lidocaine. Another
possible explanation could be a confound effect by
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using auditory stimulus target. As opposed to F1, the
F2 in the target stimulus was lower than the average
participant F2 productions. Between-subject
variability in vowel formants is greater in read
words than when imitating an acoustic target [31].
Hypothetically, the participant-specific tonguepalate target for /i/ and the acoustical target may
have been in conflict. This could have led to relative
changes in the somatosensory and auditory weights
in monitoring the production. Future studies are
required to dissociate the interplay of auditory and
somatosensory feedback in vowel production.
Finally, in this study, topical anaesthesia of the
oral cavity was achieved using a lidocaine
mouthwash solution. While the questionnaires show
congruent patterns within each participant group
(control, experimental) in terms of degree of
anaesthesia, the areas (fig 1) were based on selfreported region markings. These may not include all
the areas that were affected by numbing agent.
Specific regions can only be approximated, and we
can only assume numbing of the anterior part of the
oral cavity. In future studies, the impact of the
numbing agent could be verified with stereognostic
or two-point discrimination tests. Furthermore, on a
physiological basis, the tongue consists of
superficial and deep sensory receptors that are used
to detect changes in touch, temperature, and taste
[32]. Topical lidocaine may only inhibit the
superficial receptors.
5. CONCLUSION
Perturbation of somatosensory feedback modulates
the production of /i/ as observed through the lowest
two formants. F1 was lowered in the experimental
group after exposure to lidocaine. A systematic
change was not found for F2. Three possible
mechanisms could underlie the results: 1) natural
variation within the sample; 2) stronger reliance on
auditory feedback; and/or 3) the tongue being
pushed harder towards the palate to compensate for
reduced somatosensory feedback.
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ABSTRACT
Two versions of the physical model of the human
vocal tract have recently been developed. They are
halfway realistic-looking and have lips, teeth, a
tongue, velum, pharyngeal wall, etc. so that users
can learn their positions during articulation. Because
parts of the side and rear plates are transparent, the
inside of the vocal tract is visible. Furthermore,
some details of the anatomy have been simplified or
ignored so that users can focus on the important
aspects of speech production. One of the versions is
static and produces the vowel /a/. The other version
has a flexible tongue for changing the configuration
of the vocal tract. In this study, we compared the
two versions including their acoustic outcomes. We
confirmed that 1) both models can produce clear /a/
and 2) more vowels can be produced with the model
with a flexible tongue.
Keywords: vocal-tract models, vowel production,
acoustic characteristics, education in phonetics.
1. INTRODUCTION
Different types of the physical models of the human
vocal tract have been developed [1–3]. The main
purpose of these models is to help learners of
phonetics and speech science understand the
Table 1: Grouping of previously developed
physical models of human vocal tract

Static

Straight
e.g., VTM-T20

Dynamic e.g., VT M-S20

Bent
e.g., Head-shaped

e.g., Flexible-tongue
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mechanisms of speech production. However, these
models are now applied for other purposes, such as,
basic research, language learning, speech pathology,
and clinical applications. Different models are
currently used depending on individual needs.
Table 1 shows such vocal-tract models grouped
based on two dimensions; straight vs. bent and static
vs. dynamic. Because the human vocal tract is bent
and dynamic, a flexible-tongue model is more
realistic. However, when we teach how the static
shape of a vocal-tract configuration determines its
frequency characteristics, static models, such as the
head-shaped model, are useful. Furthermore, we
sometimes want to focus on the relation between a
simplified cross-sectional area function and sound
quality; therefore, static and straight models, such as
VTM-T20, are suitable. On the other hand, if we
want to focus on the dynamic aspects of speech
production, straight and dynamic models, such as
VTM-S20, are suitable.
Two bent vocal-tract models have recently been
developed [4, 5], which were inspired by anatomical
models for medical purposes. They are anatomical
because they have lips, teeth, a tongue, velum,
pharyngeal wall, etc. In that sense, users, including
students who are studying phonetics or speech
science, can learn how these speech organs are
placed. Parts of the side and rear walls are
transparent, so that the inside of the vocal tract is
more visible. In many anatomical models, some
details of the anatomy are ignored or simplified,
enabling users to focus on the important aspects of
the organs. One of the two models is a static model,
with which the vocal-tract configuration cannot be
changed; it is set to for one vowel, i.e., /a/ [4]
(hereafter, 2017 model). The other model has a
flexible tongue; therefore, we are able to change the
configuration of the vocal tract [5] (hereafter, 2018
model). In this study, we compared these two
halfway realistic-looking models since the details of
these models have not been investigated. Since they
were designed to produce speech sounds, including
vowels, we particularly compared their acoustic
outcomes and confirmed that both models can
clearly produce /a/ and the 2018 model can produce
several more vowels.

2. 2017 MODEL

Figure 1: 2017 model [4].
(a) Overview, (b) views
from different angles.

Figure 1 shows the 2017 model [4]. It is static and
the position of each speech organ is based on the
vocal-tract configuration for producing /a/. As
shown in this figure, one can easily recognize the
lips, teeth, and tongue, and the mouth is wide open.
The cheeks are not included because the width of the
model without the side plates is set to 50 mm, which
is realistic to cover the major vocal tract. Instead of
cheeks, transparent acrylic side plates cover the side
sections of the vocal tract. The plates are transparent
so that the inside of the oral cavity, including the
tongue, is visible from the outside. The rear plate for
the anterior pharyngeal wall is also made of
transparent acrylic, and the uvula and tongue root
are also visible from the back of the model. The
laryngeal end of the vocal tract has a hole, which can
be connected to a sound source to produce /a/. The
materials, except the above-mentioned acrylic plates,
were made using a 3D printer, AGILISTA, and the
surface was painted to differentiate the different
parts of the model.

(a)

(b)
Figure 2: 2018 model [5].
(a) Overview, (b) views
from different angles.

3. 2018 MODEL
Figure 2 shows the 2018 model. This version is
similar to the 2017 model; however, it is a dynamic
model, and the vocal-tract configuration can be
varied by deforming the tongue. The tongue is made
of a gel-type material, a polyethylene-styrene
copolymer, with an ASKER-C hardness of 2 and 4.
The other parts of the model were made of the same
materials those of as the 2017 model.
Figure 3 shows the tongue and how it is housed
in the model. From the angle shown in Fig. 3(a), the
tongue is reachable from the lower jaw. The tongue
can be deformed by manipulating it from underneath
the vocal tract. There is a hole at the back of the
tongue, and one can insert a finger for high vs. low
deformation, for example. The tongue has a thin and
long semi-circular groove at the center, and this is
important to produce high vowels, such as /i/.
Because the tongue root is extended to the anterior
pharyngeal wall, when one pushes the tongue root
against the pharyngeal posterior wall, we can hear
back vowels, such as /a/.

(a)

(b)
Figure 3: 2018 Model [5]. (a) View from low
angle. (b) Tongue placed on index finger. (c) One
way to manipulate tongue.

4. ACOUSTIC ANALYSIS
4.1. Recordings

(a)

(b)

We tested the output signals produced with the two
models. A whistle-type artificial larynx was used as
a sound source. Output signals from the models were
digitally recorded using a microphone (Sony, ECM23F5) and digital audio recorder (Marantz,

(c)
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PMD670). The original 48-kHz sampling frequency
for the recordings was downsampled to 8 kHz for
acoustic analysis.
For the 2017 model, a single configuration of the
tongue was tested for the recordings. For the 2018
model, on the other hand, five different
configurations of the tongue were tested to simulate
five Japanese vowels.

Figure 5: Mid-sagittal cross-sectional views of
2017 model (a) for /a/ and 2018 model (b) with
default setting.

4.2. Vowels /a/ with Two Models

Figure 4(a) shows a spectrum calculated with the 30ms Hamming window of an output signal produced
with the 2017 model with a whistle-type artificial
larynx. This spectrum clearly shows the frequency
characteristics of /a/, such as the first formant (F1)
frequency of approximately 850 Hz and second
formant (F2) frequency of approximately 1250 Hz.
Figure 4(b), on the other hand, shows a spectrum
calculated from an output signal produced by the
2018 model with an /a/ configuration, where the
tongue root was placed almost at the posterior wall.
This spectrum also has the frequency characteristics
of /a/, as shown in Fig. 4(a); the F1 frequency is
approximately 900 Hz and F2 frequency is
approximately 1250 Hz. However, the F2 amplitude
is a little bit lower in Fig. 4(b) compared to that in
Fig. 4(a). The possible reasons for this difference
might be due to the following points:
 length of the oral cavity.
 size of the lip aperture.
 shape of the tongue.

Figure 4: Spectra of output signals produced with
2017 and 2018 models with /a/ configuration.

(a)

(b)
Figure 5 shows the mid-sagittal cross-sectional
views of the 2017 model (a) and 2018 model (b).
From this figure, we can discuss the length of the
oral cavity (from the pharyngeal wall to the upper
incisor). This length in the 2017 model is
approximately 77 mm, while it is approximately 73
mm in the 2018 model. The size of the lip aperture
of the 2017 model is 24 mm, while it is
approximately 19 mm in the 2018 model. However,
the most dominant contribution should be the shape
of the tongue because the one in the 2018 model can
be varied. One of the typical configuration of the
tongue is shown as the red solid curve in Fig. 5(b).
Thus, the acoustic outcome moderately changes
depending on its shape.
4.3. Other Vowels Produced with 2018 Model

Figure 6 shows a spectrogram of output signals
produced with the 2018 model with a whistle-type
artificial larynx. Vowel /a/ in the middle of this
figure is from the same utterance analyzed in
Section 3.2 (the duration of the utterance was
shortened). For /i/, the tongue was heavily raised in
the oral cavity, as the blue solid curve in Fig. 5(b).
When the level of this tongue was decreased, /e/ was
produced (the blue dashed curve in the same figure).
For /o/ and /u/, we reduced the lip aperture by
placing fingers or putting clay to the sides of the
mouth opening. With this reduced lip aperture, the
3320

Figure 6: Spectrogram of output
signals produced with 2018 model
with different tongue configurations.

tongue root was pushed back against the pharyngeal
wall for /o/, as was done for /a/. The position of the
tongue root was, however, approximately 10 mm
higher for /o/ (the red dashed curve in Fig. 5b) than
for /a/ (the height was approximately 40 mm above
the larynx for /a/). For /u/, the middle of the tongue
was diagonally raised against the corner of the bent
vocal tract (the orange solid curve in Fig. 5b). From
these spectra and by listening to the output sounds,
this model produced acceptable vowel qualities.

Figure 7: Designed of a head model with 2017
model.

5. DISCUSSION AND CONCLUSION
In the previous section of acoustic analysis, we have
seen that the 2017 model can clearly produce /a/ and
the 2018 model can produce different vowels
depending on the vocal-tract configuration. Such
vocal-tract models should be widely used in many
applications, such as education in phonetics and/or
speech science, language learning, and clinical
settings in speech-language pathology. However, to
the best of our knowledge, there are no similar
models in terms of both design and sound quality.
Hofe (2011) conducted biomimetic vocal-tract
modeling for his dissertation [6]. His model can
produce speech sounds from the anatomical
structure. Similar but more engineering-oriented
speaking robots have been developed [7, 8]. The
goal of the present study was, however, for
education or clinical purposes, and it is crucial that
such a model be compact enough and can be
manipulated in addition to being realistic-looking.
Furthermore, the output sounds should be intelligible
so that users can easily recognize the difference in
sounds and configurations of the vocal tract at the
same time. In this sense, the two previously
proposed models meet these criteria. Especially, the
2018 model can also be applied to produce
consonantal sounds.
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The 2018 model has also potentials for a basic
research purpose. For example, the issue of "the
tongue bracing" is one of them. It is reported that the
tongue is braced against the teeth and/or the palate
during speech production [9, 10]. With the 2018
model, we can test that the tongue is actually braced
when vowels /i/ and /e/, for instance.
In the future, more models should be designed
along this concept, such as one with a movable jaw.
In addition, the head model is currently designed, so
that users can combined it with the 2017/2018
models to complete a more realistic-looking as
shown in Fig. 7.
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ABSTRACT
This paper presents an acoustic analysis of how coda
obstruents influence vowel phonation; this sheds
some light on the articulatory mechanisms involved,
as well as illuminating secondary cues that listeners may use to identify coda voicing. Analyses are
based on 12 American English speakers producing
words in isolation and in a frame sentence, with
measurements tracked across each vowel.
Vowels before voiced obstruents exhibit a greater
harmonics-to-noise ratio (HNR), lower spectral tilt,
less jitter and shimmer, and slightly lower F0 than
vowels before voiceless obstruents. The differences
are most apparent in the final quarter of the vowels. Some patterns depend on the particular contrast; voicing-conditioned differences in spectral tilt
are absent with alveolar stops.

to consider the particular consonantal contrasts.
Characteristics of vowel phonation are likely to be
influenced by the articulation of voiced and voiceless codas, though there are relatively few studies
that examine such effects. The greater laryngeal
opening in anticipation of voiceless codas is likely
to lower the harmonics-to-noise ratio (HNR) and increase spectral tilt; greater vocal fold tension should
increase F0. The transition out of regular voicing is
likely to increase jitter and shimmer.
This study reports the influence of coda obstruent
voicing on spectral tilt, jitter, shimmer, HNR, and F0
within vowels. There are several significant phonation differences, which may serve as secondary cues
to voicing. Parallel effects of duration suggest that
some of the phonation effects of voicing could contribute to the duration effects, as changes in duration
could enhance the existing differences in phonation.

Keywords: Speech production, acoustics, voicing
contrasts, phonation

2. METHODS
Recordings were made of 12 American English
speakers (6 male; mean age = 25.8) reading English
words, elicited in randomized order with PsychoPy
[15] and recorded in a sound attenuated booth with a
stand-mounted Blue Yeti microphone at a 44.1 kHz
sampling rate. Each word was produced twice in
isolation, in succession, and once in the frame sentence “she said _____ like them,” providing three
different contexts of production.
The set of words included 47 minimal (or nearminimal) pairs contrasting in the voicing of the final
obstruent, e.g. bad, bat and ridge, rich, roughly balanced across six combinations of place and manner
of articulation (/p-b, t-d, k-g, f-v, s-z, tS-dZ/) and six
vowel qualities (/i, I, E, æ, A, 2/).
Each vowel was segmented into quarters, to measure change across the vowel. Spectral tilt was measured as H1-H2. Jitter and shimmer were measured
as local percentages, as given by the Voice Report
function in Praat. Harmonicity was calculated by
forward cross-correlation. F0 mean is also reported.
Regression models for factors influencing each of
these characteristics were calculated using the lme4
package in R [1]; p-values were calculated by the
lmerTest package [11].

1. INTRODUCTION
Vowel characteristics are influenced in a variety of
ways by coda voicing. The most thoroughly described effect is the greater duration of vowels before voiced consonants than before voiceless consonants, which is observed in many languages [2, 14].
Lisker summarizes many of the vowel characteristics influenced by following consonant voicing,
in addition to other characteristics that distinguish
voicing in stops; these vowel features include transition duration, F1, F0, and intensity decay time [13].
Subsequent work confirms most of these qualities
(e.g. [16, 7, 9]), though the effect on F0 has not
been consistently replicated (e.g. [5]).
Spectral tilt has also sometimes been observed to
be higher in vowels next to voiceless obstruents than
next to voiced obstruents, both onsets [10] and codas
[4], at least for some places and manners of articulation. On the other hand, American English coda /p/
and /t/ often have glottal constriction that produces
creakiness in the vowel, reflected in lower spectral
tilt and several other characteristics, including more
jitter [3]. Effects induced by consonant voicing can
interact with other characteristics, so it is important
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3. RESULTS

Figure 3: Shimmer (local) by coda voicing.

3.1. Main effects of coda voicing
0.14

shimmer

Spectral tilt decreased within vowels, consistent
with the falling F0 and previous work showing that
spectral tilt and F0 tend to be positively correlated
[17]. However, in vowels preceding voiceless codas, spectral tilt increased in the final quarter to be
significantly above the spectral tilt in vowels before
voiced codas. Fig. 1 illustrates these effects. Error
bars indicate the 95% confidence interval.

Voicing
voiced

0.12

voiceless
0.10

v1

Figure 1: Spectral tilt by coda voicing.

spectral tilt

Voicing
voiced
voiceless

0

v3

v4

noise ratio (HNR) in vowels before voiced codas
than before voiceless codas, indicating less aperiodic noise in this environment. The difference increased throughout the vowel, primarily due to decreasing HNR before voiceless codas. Effects are
illustrated in Fig. 4.

2

1

v2

vowel quarter

Figure 4: HNR by coda voicing.
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Voicing
hnr

There was more jitter in vowels before voiceless
codas than before voiced codas; the difference increased towards the end of the vowel, as illustrated
in Fig. 2. Irregularity induced by neighboring consonants covers a larger percentage of shorter vowels,
which likely contributes to the difference. However,
voicing is a predictor of jitter even when duration is
also included as a predictor (see Section 3.2).

voiceless
6

5
v1

v3

v4

F0 was slightly higher in vowels before voiceless
codas than in vowels before voiced codas, but the
distributions overlapped substantially. There was an
overall decrease in F0 in both environments. These
effects are illustrated in Fig. 5.
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Figure 2: Jitter (local) by coda voicing.
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Figure 5: F0 by coda voicing.
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There was more shimmer throughout vowels before voiceless codas than those before voiced codas,
as illustrated in Fig. 3. However, shimmer was primarily affected by vowel boundaries, likely due to
shifting intensity caused by neighboring consonants.
There was a substantially higher harmonics-to-
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v1
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vowel quarter
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Table 5 presents a regression model for F0. Coda
voicing was not a significant predictor of F0. However, longer vowel duration was a significant predictor of lower F0.

3.2. Effects of duration vs. voicing

To test whether effects are due to voicing itself, or
are indirect results of voicing-conditioned vowel duration, linear mixed effects models including both
coda voicing (voiced; voiceless) and continuous
vowel duration as fixed effects were calculated for
each measure in the final vowel quarter. In each
case, the random effects were participant and word.
The reference value for coda voicing was Voiced.
Table 1 presents a regression model for spectral
tilt. Spectral tilt was significantly greater before
voiceless codas than before voiced codas, and lower
in longer vowels.

Table 5: Regression model for F0.

β
SE
t
p value
(Intercept)
139.3 16.0 8.7 <0.001
Duration
-0.15 0.038 -4.0 <0.001
Coda-voiceless -0.14 1.6 -0.088 0.93
Most characteristics were similarly affected by
coda voicing and vowel duration, though the two
factors were sufficiently independent to both be significant predictors. The notable exception was F0,
for which there was an effect of duration but no effect of coda voicing after accounting for duration.

Table 1: Regression model for spectral tilt.

β
SE
t
p value
(Intercept)
-0.2
1.4 -0.15 0.88
Duration
-0.02 0.0099 -2.0 0.046
Coda-voiceless 1.2
0.51
2.3 0.023

3.3. Consonant-specific effects

Some of the effects of coda voicing depended on the
particular contrast, rather than simply voicing.

Table 2 presents a regression model for jitter.
There was more jitter before voiceless codas. Vowel
duration was also a significant predictor, with less
jitter in longer vowels.

Table 6: Vowel duration by coda voicing and particular coda.

Table 2: Regression model for jitter.

Labial stop
Alveolar stop
Velar stop
Labiodental fricative
Alveolar fricative
Post-alveolar affricate

β
SE
t p value
(Intercept)
0.045 0.0076 5.9 <0.001
Duration
-2.4·10-4 4.9·10-5 -4.9 <0.001
Coda-voiceless 0.026 0.0022 11.7 <0.001
Table 3 presents a regression model for shimmer.
There was significantly more shimmer before voiceless codas and a trend towards less in longer vowels.

voiceless
170 ms
183 ms
161 ms
181 ms
182 ms
161 ms

Duration was affected by voicing for all of the
coda pairs similarly, with vowels about 50% longer
before the voiced item, though there was some variation in overall vowel duration due to coda place and
manner of articulation, as illustrated in Table 6.

Table 3: Regression model for shimmer.

β
SE
t p value
(Intercept)
0.14 0.0084 17.0 <0.001
Duration
-1.7·10-4 1·10-4 -1.7 0.086
Coda-voiceless 0.011 0.0041 2.6 0.01

Table 7: Spectral tilt in the final vowel quarter by
coda voicing and particular coda.

Labial stop
Alveolar stop
Velar stop
Labiodental fricative
Alveolar fricative
Post-alveolar affricate

Table 4 presents a regression model for HNR.
Voiced codas were a significant predictor of greater
HNR, as was longer vowel duration.
Table 4: Regression model for HNR.

β
SE
t
(Intercept)
6.5
1.1
5.9
Duration
0.035 0.0063 5.6
Coda-voiceless -2.6 0.52 -5.0

voiced
250 ms
263 ms
248 ms
288 ms
296 ms
235 ms

p value
<0.001
<0.001
<0.001

voiced voiceless
-0.42
0.77
-1.8
-1.4
-0.73
2.6
-0.89
1.8
-1.2
0.54
-0.55
1.6

Spectral tilt was influenced differently by some
of the coda voicing contrasts, as illustrated in Table 7. Higher spectral tilt before voiceless codas
was apparent for most contrasts, but the difference

3325

was somewhat weaker for labial stops and extremely
weak for alveolar stops. Spectral tilt before both
alveolar stops was lower than in other environments,
consistent with frequent creakiness.

Table 10: Characteristics of the final vowel quarter by coda voicing and word environment.

isolation 1 isolation 2
Voicing
vc vcls vc vcls
Duration
287 183 289 188
Spectral tilt -0.59 0.38 -1.4 -0.15
Jitter, %
2.5 5.7 3.3 6.4
Shimmer, % 12.3 14.6 13.3 14.6
HNR
9.2 5.2 9.1 5.4
134 138 122 126
F0

Table 8: Jitter in the final vowel quarter by coda
voicing and particular coda.

Labial stop
Alveolar stop
Velar stop
Labiodental fricative
Alveolar fricative
Post-alveolar affricate

voiced voiceless
3.1
6.3
2.7
6.8
3.1
6.3
2.6
4.7
2.8
4.6
3.3
6.8

The weak effect of voicing on shimmer was clearer
for words in isolation than for words in the frame
sentence.
Word environment had no apparent effects on F0
or jitter, either overall or interacting with voicing.

The effect of coda voicing on jitter in the vowel
was apparent across places and manners of articulation, though slightly weaker before fricatives than
before stops and affricates, as illustrated in Table 8.

4. DISCUSSION AND CONCLUSIONS

Table 9: HNR in the final vowel quarter by coda
voicing and particular coda.

Labial stop
Alveolar stop
Velar stop
Labiodental fricative
Alveolar fricative
Post-alveolar affricate

frame
vc vcls
221 156
-1.3 1.3
2.8 5.8
13.7 14.4
8.1 5.7
132 134

Voiceless codas increase spectral tilt in vowels. This
likely results from increased tension in the vocal
folds and separation between them, which makes the
vibration cycle more sinusoidal and amplifies lower
harmonics [8]. This effect of voicelessness sometimes competes with glottalization, which decreases
spectral tilt in /t/ [3]; the low spectral tilt observed
before /d/ suggests that vowels are also being glottalized in this environment in American English.
Voiceless codas decrease HNR and increase jitter
in vowels. There is a similar but weaker relationship
with shimmer. Movement to open the glottis begins
before voicing ends [6]; the decrease in HNR could
reflect breathiness corresponding to this widening of
the glottis, and the increase in jitter could reflect irregularity due to the vocal folds shifting out of the
orientation for regular voicing. These effects are
paralleled by similar relationships between vowel
duration and these phonation measures; longer vowels allow a more stable laryngeal posture, producing
greater HNR and less jitter.
F0 is only slightly higher in vowels before voiceless codas, but the difference decreases, if anything,
across the vowel. Duration is a stronger predictor;
longer vowels have a lower final F0, consistent with
broader declination tendencies [12].
Listeners may use some of these phonation differences as acoustic cues to voicing; these characteristics may become production targets as a result,
and be exaggerated to help enhance voicing contrasts. The parallel effects of coda voicing and vowel
duration, particularly for jitter and HNR, may suggest that creating vowel duration differences could
strengthen existing phonation differences.

voiced voiceless
7.8
4.2
8.4
4.9
8.1
5.0
10.3
7.3
10.8
7.0
6.9
3.8

Overall HNR was higher before fricatives than before stops or affricates. However, the effect of coda
voicing was similar across places and manners of
articulation, with an only slightly smaller effect for
fricatives, as illustrated in Table 9.
Voicing effects on F0 and shimmer are not divided
by consonant, as they were weak overall.
While there are also effects of vowel quality on
some of these characteristics, they exhibit little evidence for interacting with effects of voicing, and
will not be presented here.
3.4. Effects of production environment

There was no consistent effect of production environment across characteristics. Table 10 presents the
mean qualities of the final vowel quarter from each
production environment with each coda voicing.
For some measures, the effect was stronger in one
environment. Differences in spectral tilt based on
coda voicing were larger in the frame sentence than
in isolated words.
In contrast, the voicing effect on HNR was larger
for words in isolation, as was the effect on duration.
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ABSTRACT
This work presents a longitudinal study of the role of
orthographic input in the development of Mandarin
stops and lexical tones by Korean speakers. One
group of learners was tested using Pinyin, a
Romanized representation of Mandarin, while the
other group was tested with auditory stimuli. It was
shown that Pinyin-mediated Mandarin voiceless
unaspirated stops (e.g., <b d>) may be incorrectly
produced with long aspiration followed by a low-f0
tone due to its mapping onto Korean lenis stops [Long
VOT⎼Low f0]. Further, more L2 experience may lead
to poorer production of the T2 (<bá>) - T3 (<bǎ>)
contrast, which is indicative of the pervasive role of
the knowledge of the L2 orthography and sound
system during early L2 acquisition. The results of the
study contribute empirical evidence for the
interference of L2 orthography at the subphonemic
level to the growing body of research on orthographic
input and L2 phonological acquisition.
Keywords: Tone, stops, L1-L2 category mapping,
orthography, Mandarin
1. INTRODUCTION
Of the many factors affecting the acquisition of L2
phonology, the role of orthographic input has only
recently been considered. Despite some empirical
findings demonstrating a positive role of orthographic
input in L2 phonological acquisition [10, 12], other
experimental results have suggested a negative
influence [5, 13]. In particular, when orthographic
input is not entirely consistent with the corresponding
phonetic forms, phonological development may be
hindered. For example, in phoneme counting and
segmentation tasks, native English speakers learning
Mandarin based on Pinyin, a Romanized
orthographic representation, could correctly count the
number of segments in a syllable when the sounds
matched the Pinyin (e.g., [iou] <you>), but when the
main vowel was not represented in the Pinyin (e.g.,
[li(o)u], <liu>), they missed the unrepresented
segment [1].
Beyond the segmental domain, significant
influences of orthographic input on tone acquisition
have been reported as well. In a novel word-learning
study [10], naïve English speakers learning Mandarin
with Pinyin tone marks (<mā má mǎ mà>)
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outperformed a group of naïve speakers learning
Mandarin with auditory input only. Interestingly,
however, a negative impact of Pinyin input was found
in a study with experienced learners of Mandarin.
Cantonese-speaking advanced learners of Mandarin
performed poorly when presented with Pinyin tone
marks compared to when presented with logographic
Chinese characters lacking tone marks, particularly
for multisyllabic words [6]. The seemingly
contradictory results of the two studies are suggestive
of possible dynamic changes in the role of
orthographic input over the course of L2 acquisition.
In early stages of learning, when distinct tone
categories need to be established, orthorgraphic input
may be beneficial; however, the symbolic tone
representations may become rather misleading when
learners need to master more fine-grained phonetic
features of tonal targets.
While most studies investigating effects of
orthographic input on phonological acquisition have
focused on psycholinguistic and/or perceptual aspects
of learning, the present study is primarily concerned
with L2 production to shed light on the development
of the fine-grained sub-phonemic characteristics of
non-native sounds. Specifically, we explore the
development of stop categories and lexical tones in
Mandarin by native speakers of Seoul Korean whose
native language has different sets of stops and lacks
lexical tone. The learners’ development was closely
tracked in a longitudinal study. To address the role of
orthographic input, one group of learners was tested
using orthographic representations, while the other
group was tested with auditory stimuli.
2. METHOD
2.1. Participants

Fourteen Seoul Korean speakers with no prior
experience with tone languages participated in the
production
study
and
received
monetary
compensation. The participants were randomly
divided into two groups based on the kind of stimuli
presented in the experiment, orthographic (“Pinyin
group”) or audio (“audio group”). Eight participants
(5F, 3M) were assigned to the Pinyin group, six (2F,
4M) to the audio group. All participants were college
students between 20 and 28 years old (M= 25.8).
Though none had studied Chinese, all of the
participants had taken compulsory English courses in
primary and secondary school.

Participants were students who had registered for
Elementary Chinese courses to fulfill general
education requirements. The courses took place in a
formal class setting four hours a week, including three
hours of lectures taught in Korean by a Korean
instructor and a one-hour practicum taught in
Mandarin by a Chinese assistant. Although students
came from different classes, all Elementary Chinese
courses used the same textbook and audio files and
maintained the same course structure closely
designed and monitored by the Chinese department.
The first week of the course was devoted to
familiarizing the students with Pinyin, with a special
focus on the four lexical tones (e.g., <mā má mǎ mà>,
corresponding to T1(X55) T2(X35) T3(X214) T4(X51),
respectively).
2.2. Stimuli and Procedure

The stimuli were monosyllabic words consisting of
Mandarin voiceless stops contrasting in aspiration
followed by the vowel /a/ (e.g., unaspirated: <bā bá
bǎ bà> vs. aspirated: <pā pá pǎ pà>). A total of 24
stimuli (3 (unasp, asp, nasal) x 2 (lab, cor) x 4 (tones))
were repeated three times in each task, and the same
materials were used throughout the longitudinal
study. Participants were tested three times over a
semester: Phase 1 (after one week of Mandarin
exposure), Phase 2 (after 8 weeks), and Phase 3 (after
15 weeks). Three participants (1F, 2M) from the
Pinyin group and one female participant from the
audio group did not participate in the last phase of the
experiment.
For the Pinyin group, stimuli were presented
orthographically without auditory stimuli. In each
trial, a stimulus item was presented on a computer
screen, and participants read the word aloud,
proceeding at their own pace. Participants in the audio
group were presented with auditory stimuli produced
by a female native speaker of Mandarin. This
experiment was run in E-prime, and participants
repeated what they heard without visual stimuli. The
recordings of all participants were made in a soundattenuated booth using a Zoom H4 recorder
connected to a Shure SM58 microphone at a 44 kHz
sampling rate.

3. RESULTS
3.1. The association between stop VOT and tone

3.1.1. Stop production
All participants correctly produced long VOTs for the
aspirated stops, although the values were on average
shorter (M= 73 ms) than Mandarin norms (M= 103
ms) [8]. As for the unaspirated stops, four out of the
eight speakers in the Pinyin group produced
inordinately long VOTs (Figure 1, top), especially in
the earlier stages of learning. While they generally
made significant improvements over time,
individuals progressed at different speeds. Only one
participant had adjusted VOT values by Phase 2
(CSE). Some continued producing long VOTs far into
the semester (CYS, HMJ), while others did not master
stop targets in certain tones within the semester (JYJ).
The four other learners in the Pinyin group produced
correct VOT targets for the unaspirated stops from the
beginning stage and maintained them throughout
(Figure 1, bottom).
Figure 1: Pinyin-based learners showing
inordinately long VOTs (top) vs. short VOTs
(bottom) for the Mandarin unaspirated stops.

2.3. Acoustic analysis

The recordings were first annotated in Praat,
specifically (1) the onset of the stop burst, (2) the
onset of vowel voicing, and (3) the end of voicing.
Stop VOT was measured by subtracting (1) from (2),
and f0 values were measured between (2) and (3)
using the STRAIGHT algorithm [6] in VoiceSauce.
Octave errors were corrected manually.
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In contrast to the Pinyin group, none of the six
learners in the audio group demonstrated erroneous
VOT patterns; they all correctly produced long VOTs
for the aspirated stops and short VOTs for the
unaspirated stops. A Chi-square test comparing task
conditions and the frequency of VOT overestimation

had a significant result (𝜒2(1, N =14)=4.2, p=.040),
suggesting that the group difference can be attributed
to the type of input in the tasks.
3.1.2. T1 production
T1 production was analyzed because, compared with
other contour tones, the level tone was less likely to
cause difficulty for the Korean learners. Overall, a
clear correlation was observed between the erroneous
patterns in VOT production and those in f0: those
with overestimated VOTs for the unaspirated stops
tended to produce the stops with lower f0 throughout
the entire syllable (Figure 2). Regression analyses
showed that the f0 at the vowel midpoints was
significantly different for those who produced
elongated VOTs (with the exception of CYS Ph1 and
JYJ Ph3). In contrast, those who produced accurate
stop VOTs showed no such separation in T1 f0
trajectories between aspirated and unaspirated stops,
nor did any of the participants in the audio group.

Although learners were aware of the two distinct
categories, as evidenced by the slight but consistent
divergence between the two f0 trajectories, the
production of the two tones proved problematic.
Unlike native Mandarin speakers’ production
wherein T2 and T3 f0 trajectories diverge to a greater
extent toward the end of a syllable [4], the learners’
T2 and T3 f0 trajectories tended to be more similar.
Interestingly, many learners’ ability to accurately
produce T2 and T3 diminished over time, rather than
improving. Figure 3 illustrates some representative
cases, and Table 1 summarizes individual
performances, with indications of whether or not they
produced the T2-T3 contrast and the direction of their
progress.
Figure 3: Mean f0 trajectories of four lexical tones
following the aspirated stops. Representative cases
illustrating the (partially) diminishing T2-T3
contrasts.

Figure 2: Mean f0 trajectories of T1 for individual
speakers with VOT overestimation for the
Mandarin unaspirated stops.

Notice, however, that improvement in stop VOT
production did not necessarily occur concurrently
with T1 development. For some learners, f0
differences for T1 continued even after the learning
to reduce the VOT (CSE, CYS). For JYJ, however,
the opposite trend was observed–VOT differences
persisted into Ph3 after learning to properly produce
T1 (this learner mistakenly produced T4 for aspirated
stops in Ph1 and low f0 for unaspirated stops in Ph2).
3.2. T2-T3 contrasts

The f0 trajectories of T1 and T4 were acceptable for
all participants from the very beginning stage and
they continued (Figure 3). However, T2 and T3
presented a challenge, consistent with previous
studies showing nonnative listeners’ difficulty to
perceive the difference between these two tones [2].
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Compared with the differences in VOT production
between the two groups, the differences in tonal
production were less clear-cut. However, more
diverse patterns were found in the Pinyin group: the
tonal contrast initially increased then diminished
(CSE, CYS), the two tones were completely merged
(BYL), and sometimes categorically wrong tonal
targets were produced (LDY, JYJ). In contrast, no
participant in the audio group displayed completely
erroneous patterns. Without on-line auditory stimuli,
learners in the Pinyin group seem more liable to
implement unconstrained tonal targets in their
production.
Table 1: Summary of the patterns of T2-T3 contrasts by
individual learners. The arrows indicate the direction of
changes in ∆(T2-T3) over time, and the gray indicates the
learners showing diminishing trends.

Pinyin
LJH
HMJ
CSE
CYS
LJW
LDY
JYJ
BYL

Audio

√, no change
√, no change
√, ↑↓
√, ↑↓
√, ↓

KMJ

marginal √ (Ph1), T3
uncategorized (Ph2), ↓
marginal √ (Ph1),
T2/T1 merge (Ph2, 3)
merge (all phases)

KKH

√, no change
√, ↓
√, ↓
marginal √, ↓
merge (Ph1),
marginal √ (Ph2, 3)
merge (Ph1),
marginal √ (Ph2, 3)

CHM
LHW
KHB
YYS

4. DISCUSSION
The results of the stop production study suggest that
beginner learners make a one-to-one correspondence
between L2 and L1 stop categories, which are, in turn,
straightforwardly reflected in production as
illustrated in Figure 4. In particular, the learners who
overestimated VOTs were likely to have mapped
Mandarin unaspirated stops onto Korean lenis stops
[Long VOT⎼Low f0] (4.b), while those with shorter
(i.e., more accurate) VOTs mapped them onto Korean
fortis stops [Short VOT⎼High f0] (4.a). This mapping
is evidenced by the low-f0 values appearing
predominantly after the unaspirated stop target with
elongated VOTs.
Figure 4: L1-L2 stop category mapping
/p/
<b>
(a)
/p’/
High-f0
0 15

/ph/
<p>
(b)
/p/
/ph/
Low-f0 High-f0
60

80

L2 Mandarin
Pinyin
L1 Korean

F0
110 (ms)

production errors. Pedagogically, this suggests that
much caution should be made when using Pinyin for
learners who are familiar with English orthography.
The effects of alphabetical representations could be
pervasive, negatively impacting the production of
both stop VOTs and tones in Mandarin.
Unlike previous studies focusing on the adverse
effect of the knowledge of L2 phonology in the
perceptual domain, the current study further shows
that “some” L2 experience in the early phonological
development may have a negative impact on
production. For the difficult T2 vs. T3 contrast in
Mandarin, some Korean learners managed to produce
the different contours in the early stage of learning,
but with more experience, the contrast may become
less robust. This result is particularly interesting for
the audio group. The auditory stimuli were identical
in each of the three test phases, but some learners’
performance still diminished even when full auditory
information was provided.
This pattern is likely driven by non-phonetic
factors. For example, the Pinyin tone diacritic
denoting T3, e.g., <mǎ>, implies that the ending of
the tone should be high rather than low as shown in
the ‘low’ target produced by the native speakers [12].
Moreover, the Tone 3 sandhi rule (/T3/à[T2]/_T3)
may also contribute to the perceptual assimilation of
the two tones. Beginner learners are introduced to this
rule as early as in the second week due to common
expressions such as /ni214hao214/ ([ni35hao21(4)]) yougood ‘hello’. Along with the Pinyin T3 diacritic, the
T2-T3 phonological alternation may mistakenly lead
learners to assume that the f0 rise at the end of T3 is
indeed an indispensable part of this tone, which may
make T2 and T3 even more perceptually similar than
they actually are.
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Importantly, while signs of both the unaspiratedto-lenis mapping (4.b) and the unaspirated⎼to⎼fortis
(4.a) mapping were observed for the learners in the
Pinyin group, only the unaspirated⎼to⎼fortis mapping
(4.a) was attested for the learners in the audio group.
This result highlights the negative influence of
orthographic input on the production of L2 sounds.
Korean learners of English have been reported to map
English voiced stops <b, d> onto lenis stops more so
than onto fortis stops [7, 9]. As all Korean
participants in the present study were familiar with
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d>) may trigger a mapping onto lenis stops
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learners in the audio group were not liable to such
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ABSTRACT
This study focuses on investigating possible effects of
synchronous speech, an experimental version of joint
speech [3], on L2 pronunciation at the segmental
level. While repetition and imitation are traditionally
used in pronunciation teaching and learning of L2
phonetic and phonological acquisition, synchronous
speech has been seldom studied in an L2 learning
environment. What are the L2 linguistic aspects that
synchronous speech would influence? Is there any
effect of L2 phonetic convergence found when
learners are speaking and listening at the same time?
We studied the effects of synchronization and
imitation on the acquisition of eight phonemes in L2
English and German that are known to be problematic
for French learners. A series of acoustic analysis
revealed that while some acoustic parameters such as
formant frequencies and vocalic duration improved in
both speech practices, changes brought on by
synchronous speech of consonantal acoustic
parameters were more subtle to determine.
Keywords: joint speech, synchronous speech, L2
learning, imitation, phonetic convergence.
1. INTRODUCTION
Often observed among speakers in collective
activities, joint speech is found principally in such
occasions as prayer meetings and civil
manifestations. Joint speech has received increased
attention recently for its contribution to the
remediation of fluent speech in patients suffering
from non-fluent aphasia [13] and stuttering [9].
However, despite its clinical popularity, joint speech
has been rarely considered as a method of
pronunciation training in foreign language (L2)
learning. Meanwhile, quite a number of L2
pronunciation training approaches include imitating
native-speaker pronunciation models, a traditional
method whose efficacy has been approved both
theoretically and practically. Imitation of speech
sounds has been shown to involve all levels of spoken
language, and adaptation to the interlocutor on the
acoustic-phonetic level is defined as phonetic
convergence, which is considered as a driving
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mechanism in the acquisition of the phonology and
phonetics of a L2 [10].
However, it should be noted that phonetic
convergence in natural conversational settings is
typically subtle. Unintentional imitative changes have
been shown to be weaker than voluntary imitative
ones [12]. Therefore, when we want to make use of
phonetic convergence to benefit L2 speech learning,
particularly in training focusing on the authenticity of
pronunciation, a task of repetition with clear
instruction of imitation could be more efficient.
Independent of willingness, the degree of imitation
also appears to be strongly correlated to the closeness
of time between the input and the production of
speech. For example, increased phonetic convergence
effects have been shown in close shadowing when
compared with delayed shadowing tasks [7]. Since
joint speech, and its experimental pendant
synchronous speech [4], can be considered as an
extreme case in which input and production occur
(almost) simultaneously, we were interested in the
question of whether phonetic convergence effects
would be maximized in synchronous speech, or on the
contrary, be suppressed due to the lack of time for
perceptive learning. The goal of this study was to
investigate potential changes in the relevant acoustic
features of selected acoustic vowel and consonant
targets during synchronous speech and voluntary
imitation in an L2 learning environment. Furthermore,
we also wanted to evaluate whether the effects of the
two different production tasks on the learners’
performance differ according to whether the target
language is familiar or unfamiliar.
2. METHODS
2.1. Participants
A group of 13 female bachelor students with an age
range of 18-22 years, (mean age 20, SD 1.3), all
native French speakers, participated in both the
imitation and synchronous speech experiment.
Except for three participants who indicated that their

level corresponded to A1 of the CEFR1, all others had
never learned German. All 13 participants had
learned English at school, but considered their level
to be of different proficiency (ranging from A1 to C2
of the CEFR) according to the analysis of their selfassessment questionnaires. Regarding foreign accents
ratings, 4 out of 13 believed they had a relatively
strong accent while others judged their accent as
moderate.

of synchronous speech and thus to better synchronise
their speech with the pronunciation model.

2.2. Stimuli

Before and after the experiment in English, the 13
subjects were asked to read the 10 words as a pre and
post-test.Each subject participated in four main tests:
imitation in English, imitation in German,
synchronous speech in English and synchronous
speech in German. Each test lasted around 8 minutes.
The experiments in English and German took place
on different days in order to minimize potential crosslinguistic influences.
The recordings were segmented and phonelabelled manually in Praat [1]. To analyse and
compare the pronunciation quality of the learners’
productions, average values of different acoustic
parameters were extracted. The formant values F1
and F2, and duration were analysed for /ɪ/and /i:/ in
both English and German. For /s/ and /θ/ in English,
the spectral centre of gravity (COG) and duration
were extracted. For /b/ and /p/ in German, VOT was
measured. All duration measurements were
normalized relative to word duration. For each
acoustic parameter, a two-way ANOVA was
calculated in R Studio2. The two independent factors
were Condition (imitation and synchronous speech)
and Phoneme (phoneme1 and phoneme2). The level
of significance was set at 0.05.

For a pre- and post-test in English, the following
words were chosen: part, peace, sad, pear, boat, lit,
feat, but, and met. For the imitation and synchronous
speech experiment, eight phonemes, /ɪ/, /i:/, /s/ and /θ/
in English, and /ɪ/, /i:/, /b/ and /p/ in German, were
selected as target phonemes. As French lacks the
distinction between /ɪ/ and /i:/, speakers have a
tendency to produce both sounds similar to the French
vowel /i/.
The two vowels are also known to be often
distinguished only by duration rather than by both
duration and spectral values, a pronunciation mistake
found in learners of English of different language
backgrounds [5], [6]. /θ/ is frequently substituted by
/s/ among native French speakers [11]. Unlike in
English and German, /b/ in word-initial position is
voiced in French, while /p/ is voiceless in all three
languages but only aspirated in English and German.
For each pair of target phonemes, seven minimal
pairs were selected (see Table 1) and included in a
carrier sentence (English: “Did Toby say “target
word”?”, German: “Sagte Tina “target word”?”). A
female native English and native German speaker
recorded 28 sentences with the target minimal pairs,
plus 14 further sentences serving as either before-test
training or as distracters. For both conditions, the 28
test and 10 distracter sentences were randomized. For
the imitation experiment, three beeps were inserted
with an interval of 750ms each between sentences.
Intervals between the end of a sentence and the first
of three beeps were also 750ms. The intervals
between the end of the third beep and the start of the
next sentence were 5s.For the synchronous speech
experiment, the 38 sentences were first reproduced
resulting in 76 sentences. Again, the two repetitions
of each sentence were presented following and
preceding three beeps with 750ms intervals. The first
repetition served as an example sentence, the second
repetition as the synchronization sentence. The
deliberately repetitive rhythm of the experiment was
created to help participants to anticipate the beginning
1

Common European Framework of Reference for
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Table 1: Examples of target minimal pairs in
English and German.
English
German

/ɪ/ bit
/i:/ beat /s/ sing /θ/ thing
/ɪ/ Zinn /i:/ ziehn /b/ Bier /p/ Pier

2.3. Procedure and Data Analysis

3. RESULTS
3.1. Vowels /ɪ/and /i:/
The analysis confirmed immediate positive effects of
imitation and synchronous speech on the articulation
of the vowels /ɪ/ and /i:/ in both languages. As shown
in Figure 1, the native French subjects did not
produce English /ɪ/ and /i:/ distinctively in the
baseline test (F1: F(1,24)=0.016, p=0.899; F2:
F(1,24)=0.002, p=0.996). The participants, however,
showed a prominent distinction between /ɪ/ and /i:/ in
both English and German in both experimental
conditions (Figures 2, 3).The temporal and spectral
contrasts were nevertheless less prominent than those
produced by the native speakers. The vowel
productions in German, the language unknown to the
subjects, showed a higher variability, when compared
2Rstudio

Team (2015). Integrated Development for R. Rstudio,
Inc.,Boston, MA URL :http://www.rstudio.com/.

to their English counterparts. In the experiments of
both languages, there is no significant difference
between the productions of /ɪ/ and /i:/ in synchronous
speech and those in imitation.
Figure 1: Plot F1/F2 of /ɪ/ and /i:/ in the English baseline
test. Red: productions of the native speaker. Green and
purple: productions of the participants.
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Figure 2: Plot F1/F2 of /ɪ/and /i:/ in English. Red:
productions of the native speaker. Green and blue:
productions of the participants in imitation. Purple
and black: productions of the participants in
synchronous speech.
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produced by the English native speaker were 9674Hz
and 10076Hz, respectively, and the duration of /θ/
was marginally shorter than the one of /s/, with
relative duration being 38.3% and 44.9% respectively.
As can be seen in Figure 4, the French participants in
both conditions produced /θ/ with a lower COG than
the native speaker. The two-way ANOVA did not
reveal significant differences between the
productions of /s/ and /θ/, neither with respect to the
spectral energy (F(1,50)=2.327,p=0.134), nor with
respect to duration (F(1,50)=0.36,p=0.85). Although a
larger variability of COG of both consonants in joint
speech seemed to be evident in Figure 4, once again,
there was no statistical difference between the two
conditions (F(1,50)=2.528, p=0.118).
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3.2.2. /b/ and /p/ in German
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The statistical analysis showed a significant
distinction between the two plosives (F(1,50)=43.683,
p=2.92e-08), but the difference between the two
conditions (F(1,50)=0.103,p=0.749) was insignificant;
and there was no significant interaction
(F(1,50)=0.417,p=0.240). Four subjects produced /b/ in
the German test sentences still with a voicing lead in
all words in both experimental conditions, while
several other speakers showed instances of prevoicing in individual items (six speakers voiced /b/ in
synchronous speech and seven in imitation). The
duration of aspiration of all learners was considerably
shorter than that of the native speaker. The results are
summarized in Figure 5.
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3.2. Consonants
3.2.1. /s/ and /θ/ in English
Analysis of both duration and spectral COG suggest
that the French participants generally have difficulty
in producing /θ/. The average COGs of /s/ and /θ/
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Figure 5: Median and variability of relative VOT of
/b/ and /p/ produced by the German native speaker
(native), subjects in imitation (I) and synchronous
speech (S).

Meanwhile, the lack of familiarity of the carrier
sentences, specifically in German, would have
prevented the French participants from synchronizing
their speech with the model sounds at exactly the
same time. Joint speech and synchronized speech as
its experimental form [4], have always been
conducted in conditions where all the speakers know
rather well what they would say together. The speech
in which a speaker constantly plays the role of «
follower », even if it is subtle, would be more similar
to shadowing or immediate repetition. Since our
study did not measure the delay between the onset of
the recording and the onset of the production of the
participants, we could not determine whether the
participants produced strict synchronous speech or
whether they rather unconsciously closely followed
the recording. Future studies could improve the
experimental set-up and familiarize the subjects
beforehand with the speech to synchronize.

4. DISCUSSION
Generally speaking, the recordings of native speakers
have facilitated the speech production of our subjects.
All learners distinguished /ɪ/ from /i:/, and /b/ from
/p/, but not /s/ from /θ/. The effects of imitation and
synchronous speech on the quality of the
pronunciation of the eight target phonemes were,
however, not significantly different. Even though
several subjects have remarked that they felt more at
ease and better completed the tasks in German in
synchronous speech than in imitation, their
productions in the synchronous conditions did not
reflect the same positive effects, at least not at the
segmental level.
The absence of the superiority of synchronous
speech in the improvement of segmental
pronunciations could be explained by two main
reasons. Above all, a minimum amount of time would
need to pass to allow external inputs to bring any
effect on speech production at the segmental level.
Phonemic hypothesis associated with articulatory
objects should necessarily generate before the motor
command is activated, and therefore the condition in
which speakers synchronize their speech with others
cannot exert any immediate effect on the adaptation
of pronunciation at the segmental level.
Second, semantically, the instruction of
synchronising one’s own speech with the recording
would have been translated by the subjects as “to start
and finish the sentence at the same time as the
recording”. This, however, would have made them
concentrate more on suprasegmental details than on
segmental ones. The instruction of imitation, on the
contrary, would have been understood as “to try to be
similar” to the recorded sounds, and therefore forced
the subjects to pay more attention to the phonetic
characteristics of the sounds in order to meet the
articulatory objectives.
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5. CONCLUSION
Imitation, repetition and synchronous speech are all
similar and different forms of speech in terms of the
sensory-motor mechanisms they involve. In the case
of phonetic convergence, sensory-motor interactions
should permit an adaptation of articulatory and
acoustic procedural knowledge to phonetic
characteristics of the output. It seems from our study
that in synchronous speech, effects of phonetic
convergence and perceptive learning are difficult to
be justified. This may explain why joint speech and
synchronous speech have seldom been used as
methods of improving pronunciation at the segmental
level in L2 research. Our results are also coherent
with other experimental and neuronal evidence that
synchronous speech could be particularly facilitated
by such suprasegmental cues as fundamental
frequency, envelop amplitude [2] and rhythm [8].
Concerning methods of improving L2
pronunciation, our study confirmed positive effects of
volunteer imitation on the accuracy of segmental
pronunciation. However, to correctly produce foreign
phonemes that are potentially problematic, training
session of volunteer imitation should last longer than
those provided in our experiment. Even though our
study was based on a tightly controlled laboratory
experiment, and hence a much more artificial
environment than an actual language teaching class,
we think that the implications of synchronous speech
for pedagogical purposes cannot yet be excluded.
Synchronous speech could still serve in L2 learning,
but it would be important to distinguish its effects
from that of imitation.

6. REFERENCES
[1] Bersma, P., Weenink, D. 2001. Praat speech processing
software. Institute of Phonetics Sciences of the
University of Amsterdam. http://www. praat. org.
[2] Cummins, F. 2009. Rhythm as entrainment: the case
of synchronous speech. Journal of Phonetics 37, 16 –
28.
[3] Cummins, F. 2013. Joint speech: the missing link
between speech and music? Percepta: J. Musical Cogn.
1, 17-32.
[4] Cummins, F. 2018. Comparing joint speech and
synchronous speech: what happens when we added
more speakers? Proceedings of the 26th AIAI Irish
Conference on Artificial Intelligence and Cognitive
Science, Trinity College, Dublin, Ireland, December 67th, 2018, 14-20.
[5] Flege, J. E., Bohn, O. S. 1989. The perception of
English vowels by native speakers of Spanish. The
Journal of the Acoustical Society of America 85(S1),
S85-S85.
[6] Flege, J. E., Munro, M. J., MacKay, I. R. 1995. Effects
of age of second-language learning on the production
of English consonants. Speech Communication 16(1),
1-26.
[7] Goldinger, S. D. 1998. Echoes of echoes? An episodic
theory of lexical access. Psychological Review 105(2),
251-279.
[8] Jasmin, K.M., McGettigan, C., Agnew, Z.K., Lavan,
N., Josephs, O., Cummins, F. Scott, S. K. 2016.

3337

Cohesion and Joint Speech: Right Hemisphere
Contributions to Synchronized Vocal Production.
Journal of Neuroscience 6, 4669–4680.
[9] Kalinowski, J., Saltuklaroglu T. 2003. Choral speech:
the amelioration of stuttering via imitation and the
mirror neuronal system. Neurosci Biobehav Rev 27,
339–47.
[10] Nguyen, N., Delvaux, V. 2015. Role of imitation in
the emergence of phonological systems. Journal of
Phonetics 53, 46-54.
[11] Picard, M. 2002. The differential substitution of
English/θ ð/in French: The case against under
specification in L2 phonology. Lingvisticæ
Investigationes 25(1), 87-96.
[12] Sato, M., Grabski, K., Garnier, M., Granjon, L.,
Schwartz, J. L., Nguyen, N. 2013. Converging toward
a common speech code: imitative and perceptuo-motor
recalibration processes in speech production. Frontiers
in Psychology 4, 422.
[13] Zumbansen, A., Peretz, I., Hébert, S. 2014. Melodic
intonation therapy: back to basics for future research.
Frontiers in Neurology, 5, 7.

7. ACKNOWLEDGEMENTS
This work is part of the program “Investissements
d’Avenir” overseen by the French National Research
Agency, ANR-10-LABX-0083 (Labex EFL).

IMITATION OF MANDARIN TONES BY L2 MANDARIN LEARNERS
Kiranpreet Nara1
1

University of Toronto

kiranpreet.nara@mail.utoronto.ca

ABSTRACT
Speakers have been shown to take on and retain
phonetic properties (VOT, vowel quality, f0) of
others in social and laboratory contexts. As much of
the imitation work on f0 has investigated intonation,
a question that remains is the extent to which
imitation can be observed for lexical tones and how
long lasting those effects are. In the current study, L2
learners of Mandarin were asked to imitate tones
produced by native Mandarin speakers. The aims
were to determine a) if imitation occurred, b) if the
effects were retained into the post-imitation task, and
c) if the effects were generalized to novel stimuli in
the post-imitation task. The results of the Smoothing
Spline ANOVA analyses showed that female L2
learners imitated the native speakers while the male
L2 learners did not. Imitation effects were retained
and also generalized to novel stimuli by the female L2
learners during the post-imitation task.
Keywords: Tone, Mandarin, L2 learners, Imitation
1. INTRODUCTION
Imitation of linguistic characteristics has been
observed in both social [14, 19] and laboratory
contexts [18, 23]. In particular, speakers reliably
imitate various phonetic parameters such as vowel
quality [1, 7], voice onset time (VOT) [23, 18], and
fundamental frequency (f0) [2, 4, 11]. Researchers
have studied general imitation of words in which
participants heard words produced by a model
speaker and repeated them [10, 17, 19]. The
previously heard words were judged to be similar to
the model’s speech compared to words that were not
heard, indicating that the participants imitated some
phonetic properties of the model speaker. More
specifically, there have been studies of imitation at
the segmental level, for example, Delvaux and Soquet
investigated vowel imitation in two different
regiolects of French [7]. During the imitation task, the
participants of one regiolect were exposed to those of
the other regiolect via loud speakers and the
researchers found that the vowel qualities of the
participants changed to become more like the vowels
of the talker heard through the loud speaker. Though
the effects of imitation were retained to some extent
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during the post-imitation task, the participants had
started returning to their natural vowel productions.
Researchers have investigated VOT in imitation
experiments by presenting artificially lengthened
VOT of American English voiceless stops to
participants [23]. The participants lengthened their
VOT to match the model speaker, providing evidence
for the imitation of subsegmental phonetic properties.
Nielsen [18] also conducted an imitation study
utilizing artificially lengthened VOT (by 40ms)
which found that the imitation effects were retained
into the post-imitation task and generalized to novel
stimuli that were not heard during the imitation task.
However, the participants did not completely imitate
the model speakers in this study as they increased
their VOT by only about 10 ms.
Studies have also found evidence for f0 imitation
at the intonation level; participants deviate from their
own baseline average pitch toward that of the speaker
to which they were exposed during the imitation task
[22, 9, 11, 2]. At least two studies have looked at
lexical tone imitation by speakers of non-tonal
languages [3, 13]. In one study [3], native English
speakers without any knowledge of a tonal language
were asked to repeat mono- and trisyllabic words, /ra/
and /ra.ra.ra/, spoken by a native Mandarin speaker.
The acoustic analysis showed native-like tone
contours for the English speakers during imitation,
however, the pitch range of the English speakers was
not as wide as that of the Mandarin speakers. In the
other study [13], English speakers, who had been
learning Mandarin as an L2 for more than two years,
were trained to produce tones in non-words using
imitation methodology. Again, the L2 learners were
able to imitate the tones in non-words.
The above-mentioned findings suggest that
imitation occurs, though perhaps not completely [18],
at multiple linguistic levels: word, segmental,
subsegmental, and suprasegmental. Studies have also
shown that imitation effects can be retained and
generalized to novel stimuli during a post-task [7, 18].
For f0 imitation, retention and generalization of
imitation effects has not been studied and in lexical
tone studies, stimuli have been non-words.
There is also evidence that training, whether
imitation or otherwise, can help learners produce and
perceive sound contrasts of foreign languages.
Training has focused on vowels [21], VOT [16], and
tones [15], and has led to improvements in the

participants’ perception and production of L2 sounds.
The current study used the imitation methodology of
a baseline task, imitation task, and a post-imitation
task to determine if recent L2 learners of Mandarin
are able to imitate Mandarin tones in real Mandarin
words. The study also examined retention and
generalization of imitation effects.
This phenomenon of convergence in speech has
been accounted for with memory models of
perception and production, such as Episodic Theory
[10, 23], and is also considered as a tool to manage
social distance between the speaker and their
conversation partner, as in the Communication
Accommodation Theory [8]. Speakers may converge
with their conversation partners to decrease the social
distance, maintain their regular distance, or diverge to
increase the social distance between them [5]. Studies
have looked at and found social variables (such as
showing an image of the model talker, the
attractiveness of the model, or if the participant liked
the model) that contribute to whether and how much
participants imitate a model speaker [2]. The L2
learners of the current experiment were aware of the
following variables: gender of the model speaker, that
the models were native Mandarin speakers, and that
they were hearing speech in their L2, Mandarin
Chinese. Since the L2 learners were studying
Mandarin at the time of the experiment, that might be
a motivation for them to imitate the native speakers
during the imitation phase of the experiment to sound
more like the native speakers.
2. METHOD

wordlists were slightly different depending on the
phase of the experiment (baseline, imitation, and
post-test), as summarized in figure 1. The consonants
that were chosen for the baseline phase and imitation
phase list were the following: /p f m t tʰ ʈʂʰ/. All four
Mandarin tones (tone 1 ‘level’, tone 2 ‘rising’, tone 3
‘falling-rising/dipping’, and tone 4 ‘falling’) occurred
on a combination of each of these consonants with the
vowel /a/. A different wordlist, called the ‘complete
wordlist,’ was used during the post-test phase. The
complete wordlist contained all the words from the
baseline list as well as 16 novel words beginning with
consonants /pʰ s ʂ ʈʂ k x/.
2.3. Procedure

The two native Mandarin speakers (NS) served as
model talkers and read the complete wordlist. The
words, written in Pinyin along with the gloss, were
presented on a computer screen one at a time to NS
using Microsoft PowerPoint.
Figure 1: Schematic of the experiment and stimuli.
Baseline:
24 CV words using
/p f m t tʰ ʈʂʰ/ + /a/
Imitation task:
Baseline words pseudorandomly ordered and
alternating between both female
and male NS

X2

Post-test:
Baseline list + 16 novel words using
/pʰ s ʂ ʈʂ k x/ + /a/

2.1. Participants

Model tokens were produced by two native Mandarin
speakers, one female (age 23) and one male (age 28),
who were recruited from the University of Toronto.
Both native speakers (NS) were born and raised in
China, learned Mandarin as their first language, and
spoke English as a second language.
The L2 learners had been studying Mandarin for
less than eight months and they did not speak or know
any other tonal language. They were recruited from
an Introductory Mandarin course taught at the
University of Toronto. Ten Mandarin learners (six
female) took part in the study. The mean age of
female participants was 19.5 and for the male
speakers, the mean was 20.25. All participants
provided written informed consent prior to taking part
in the experiment.
2.2. Stimuli

The stimuli were real Mandarin words in CV
syllables where the vowel was always /a/. The
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L2 learners completed three phases in a single
experimental session, see figure 1 for a schematic of
the experiment. The first phase was the baseline task
and involved reading the baseline wordlist which
contained 24 Mandarin words written in Pinyin. The
second phase of the experiment was the imitation task
in which the L2 learners heard words from the
baseline wordlist as spoken by the two native
speakers and were asked to repeat the words in their
normal speaking voice immediately after they heard
the native speaker. The participants were not
explicitly asked to imitate the talker. Stimuli were
presented in a pseudo-randomized order and the
female and the male speakers alternated so that the L2
learner never heard two or more words spoken in a
row by the female or male NS. The breakdown of the
words for each participant in the imitation experiment
was as follows: 24 words * 2 repetitions of each word
per NS * 2 NS = 96 tokens. Finally, the third phase of

the experiment was the post-task in which L2
participants read the complete wordlist which had 24
words from the baseline list and 16 novel words
beginning with different consonants. The participants
had a 10-minute break before moving on to phase
three of the experiment. The participants were
debriefed and compensated at the end of the
experiment.
All recordings were made on a SoundDevices 722
digital audio recorder and DPA 4011 microphone
using a sampling frequency of 44.1 kHz. Sennheiser
HD280 headphones were used during the imitation
session to play the native speakers’ tokens. All
recordings took place in the sound attenuating booth
in the Phonetics Lab at the University of Toronto.

average pitch of the female NS during the imitation
phase. The L2 learners imitated the average pitch of
NS. The imitation effects for tone 2 were retained and
generalized to novel stimuli in the post-task. For tone
3, again, the female L2 learners showed deviation
from their baseline pitch during the imitation phase as
well as generalization of the imitation effects to novel
stimuli. Finally, tone 4 was also imitated during the
phase two of the experiment but the effects were not
retained or generalized during the third phase of the
experiment, as the splines for phase three overlap
with the phase one spline, see figure 3. The tonal
contours of all four Mandarin tones for female L2
learners were like those of the female NS speaker.
Figure 2: Tone 1 of female L2 compared with
female NS.

3. RESULTS
Smoothing Spline ANOVA (SS-ANOVA) analyses
were conducted for each tone to examine differences
between the L2 and native speakers of the same
gender. The smoothing splines function in the SSANOVA connects discrete data points to create
curves or ‘splines’ and calculates 95% Bayesian
confidence intervals, which are represented as dottedline curves above and below the main spline. Two
splines are deemed significantly different from one
another if the curves of their confidence intervals do
not intersect [6].
These analyses were done in R using the gss and
ggplot2 packages [20, 12, 24]. The legend of the SSANOVA charts is as follows: ‘P1’ refers to phase one
(baseline task), ‘P2’ is phase two (the imitation task)
of the experiment. ‘P3_Old’ refers to the third phase
(post-task) of the experiment and only contains the
data for the words used duing the baseline and
imitation tasks. ‘P3_Novel’ category contains only
the novel words that were produced by the L2
speakers during phase three. Finally, ‘NS_F/NS_M’
refers to the average f0 of the one of the two native
speakers of Mandarin. The x-axis represents the eight
intervals at which f0 was measured in the vowel
duration.

Figure 3: Tone 4 of female L2 compared with
female NS.

3.1. Female L2 learners

3.2. Male L2 learners

Tone 1 pitch for the female NS was around 200 Hz
and for the female L2 learners, it was around 260 Hz
in phase one, see figure 2. During the imitation phase,
the female L2 learners lowered their pitch, indicating
that imitation had occurred. The imitation effects
were retained and generalized into phase three
(P3_Old and P3_Novel) of the experiment, though
the L2 learners had started going back to their original
tone 1 pitch produced during phase one. A similar
pattern was observed for Tone 2 for which the pitch
range of the female L2 learners lowered to match the

Tone 1 of male L2 learners did not deviate from its
pitch around 140Hz to become more like the native
speaker, see figure 4. The splines for the three phases
of the experiment for L2 learners overlap suggesting
no imitation effects. Tones 2 also followed the same
pattern in which the male L2 learners did not imitate
the native speaker. Tone 3 was produced with similar
pitch range and contour for both L2 and NS speakers.
The L2 learners did imitate the pitch height of tone 4
in its second half, however, the effects disappeared in
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the third phase of the experiment. The tonal contours
of the male L2 learners were like those of the native
speaker but the f0 range for male learners’ tones 2
(90-130 Hz) and 4 (75-150 Hz) were not as large as
the native speaker’s tone 2 (105-180 Hz) and tone 4
(125-240 Hz) range, respectively.
Figure 4: Tone 1 of male L2 compared with male
NS.

4. DISCUSSION
Female L2 learners of Mandarin diverged from their
natural lexical tone height to become more like the
native speakers they heard during the imitation task
for all four tones. Male speakers, however, only
imitated part of tone 4 pitch height but not tone 1 or
2. Tone 3 was already similar for male L2 and NS
speakers. With the exception of L2 male speakers’
rising and falling tones, the tone contours and pitch
range of the L2 learners were already native-like. This
suggests that after about eight months of learning, the
L2 speakers had created native-like tonal categories
with the appropriate contours and pitch range. The L2
learners did not completely imitate the average pitch
of the native speakers, but in tones 1, 2, and 3 of the
female L2 learners and tone 4 of the male L2 learners,
the difference between the baseline and the imitation
phase was significantly different. The small degree of
imitation was expected for the current experiment and
also observed in Nielsen [18]. These results are in line
with previous laboratory studies which have shown
imitation of average pitch height at the level of
intonation or overall conversation pitch [9, 11, 2] as
well as lexical tone [13, 3]. Another similarity to
Bent’s [3] study was that the L2 learners produced
native-like contours, however, unlike in Bent, the
learners in the current study did not have smaller pitch
ranges, except for tones 2 and 4 of L2 males, than the
native speakers perhaps because Bent’s English
speakers did not have any experience with Mandarin
whereas the participants in the current study had been
studying it for eight months.
These results also replicate the retention and
generalization of imitated features from previous

3341

non-f0 imitation studies such as vowel quality [7] and
VOT [23, 18]. The effects of imitation were retained
to some extent into the post-test. Retention was also
observed in Delvaux and Soquet [7] and Nielsen [18].
Delvaux and Soquet found more robust imitation
during the imitation task than during the post-task, as
was also the case in the present study. This suggests
that imitation effects are stored for some time in
memory but do start to fade after the imitation task,
which is not surprising as the imitation task in the
current study took less than ten minutes to complete
and was not very linguistically meaningful because
the target words were read in list form. The female L2
speakers also generalized the imitation effects to
stimuli beginning with novel consonants during the
post-task and these findings were in line with Nielsen
[18].
The lack of convergence on the part of the males
could be that the male native speaker’s natural pitch
range was unusually wide (between 90 Hz and 250
Hz) compared to the L2 males (between 75 Hz and
150 Hz). Either the male learners did not want to
imitate the native speaker’s high pitch, or they could
not physiologically widen their pitch range. The male
native speaker’s pitch might have contradicted with
the participants’ beliefs regarding typical male voice
pitch and prevented them from converging to him.
This would be in accordance with Communication
Accommodation Theory because gender and social
roles play a role in accommodation [8, 17]. Female
L2 learners, on the other hand, might have imitated
the native speakers to sound like the native speakers
who have more experience with the language, and
given that the L2 learners were taking the Mandarin
course at the time of the experiment, it might have
been another motivation for the females to converge
to the native speakers.
In conclusion, the results of the current study
provide evidence for imitation of lexical tones by L2
learners of Mandarin. Not only did imitation occur,
but the effects were retained, though they had started
diminishing, in memory during the post-task but also
applied to novel stimuli, indicating that a short
imitation session can be used to alter aspects of
speakers’ lexical tone productions.
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ABSTRACT
This study examined how degree of bilingualism
modulates /ʐ/ realization among MandarinMin
bilinguals in Taiwan. Mandarin has a voiced
fricative /ʐ/ while Min has a voiced fricative /z/.
Twenty speakers performed a word reading and a
questionandanswer task. Results showed that four
major variants were found for /ʐ/ realization, the
canonical [ʐ], and the variants [ɻ], [z], and [l].
Degree of bilingualism measured by selfrated Min
proficiency and frequency of use showed a
genderdependent effect on the realization of [ʐ].
Female speakers demonstrated a negative effect of
Min proficiency, but a positive effect of Min
frequency of use, while male speakers only showed
a negative yet nonsignificant trend for both
indicators. The result is partially in line with the
Structural Similarity Theory and implies that degree
of bilingualism may help sustain a difficult sound
among females with midlevel proficiency for the
other language, but use it on a regular basis.
Keywords: voiced fricative, degree of bilingualism,
language
proficiency,
frequency
of
use,
MandarinMin bilinguals
1. INTRODUCTION
Bilinguals are people who have two linguistic
systems coexistent in their mind. How these two
systems interact is a central issue in human cognition
that has mesmerized researchers for decades.
Previous studies have shown that the two
phonological systems in early bilinguals are kept
distinct to a large extent. For instance, Canadian
EnglishFrench bilinguals are capable of maintaining
separate realizations for coronals and high vowels in
their two languages [13, 15]. Similarly,
SpanishCatalan bilinguals were found to maintain
the Catalan /e//ɛ/ distinction nonexistent in Spanish
[3]. However, this does not imply that the two
languages never interact. Oftentimes the distinctions
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maintained by bilinguals are not as separate as their
monolingual counterparts [13, 15], and the
firstacquired language still show some advantage
even among early bilinguals [3]. Based on these
studies, one could conclude that the two
phonological systems of early bilinguals are both
autonomous and interdependent.
Maintaining two phonological systems in one
mind renders the speaker with some metalinguistic
advantages. According to the Structural Sensitivity
Theory [10], bilingual children are more sensitive to
structural similarities and differences in their two
languages than their monolingual counterparts, and
are thus more capable of forming representations at
an abstract level. This study thus intends to examine
whether adult early bilinguals could also make use
of this metalinguistic advantage when maintaining
their two phonological systems by looking at
MandarinMin bilinguals in Taiwan. Taiwan is a
country of multilanguages. Mandarin is its official
language, while Min is its major substrate, with
about 70% of the population having at least some
knowledge of Min [8]. Both languages incorporate a
voiced fricative in their phonological inventory, with
Mandarin having a retroflex /ʐ/ and Min having a
dental /z/. As voiced fricatives are articulatorily
challenging [14], it is not surprising to find that both
languages show much variation for this sound
category. There are at least three to five major
variants observed for Mandarin /ʐ/, i.e., [ʐ], [ɻ], [l],
[z], and [n] [4, 7, 9], and four to five variants for
Min /z/, i.e., [z], [ɡ], [l], [d], and [ɻ] [1, 5, 6]. This
study only focused on realizations for the former.
For Mandarin /ʐ/, although [ʐ] is considered
canonical, [ɻ], [l], and [z] are often found to be
common, if not more common, variants. Of the
three, [l] and [z] are traditionally attributed to Min
influence, as Min does not have any retroflex in its
inventory, and suffer negative connotation [4, 9].
Style and lexical specificity also play a role in the
realization of /ʐ/ [4, 7]. [z] occurs more often in
spontaneous speech while [n] has a high occurrence
rate for certain words.

2. SPECIFIC AIM

3.3. Data analyses

The specific aim in this study is to examine whether
degree of bilingualism would help sustain an
articulatorily challenging sound like Mandarin /ʐ/.
Previous studies have shown that bilingual children
have better phonological awareness than their
monolingual counterparts [11]. This implies that
even though voiced fricatives are in general difficult
to sustain [14], being a MandarinMin bilingual
might have an advantage to counteract this
articulatory difficulty, as s/he receives double
exposure from both languages. However, it is also
not uncommon in the Mandarin literature to find
researchers attributing deretroflexion of /ʐ/ to
(negative) influence from Min, e.g. [4, 9]. Although
most of the observations could probably be
explained away by influences from late L2 learners
instead of genuine early bilingualism, it is still worth
investigating whether MandarinMin bilinguals
represent a special case of early bilinguals who
merge the two phonological systems (cf. [3, 13, 15]).
3. METHOD
3.1. Participants

Twenty MandarinMin early bilinguals (10 males
and 10 females), aged from 18 to 25, were recruited.
All spoke Mandarin and Min fluently. Their Min
proficiency was assessed by both a short tailormade
verbal test and selfratings on 7point Likert scales
on Min proficiency and frequency of use. The verbal
test and the Min proficiency ratings correlated well.

Each Mandarin /ʐ/ token was independently
transcribed by both authors, who were
phoneticallytrained MandarinMin early bilinguals,
and were later corroborated with acoustic
measurements of center of gravity [12].
Degree of bilingualism for each speaker was
determined by Min selfratings. Since Mandarin is
the official language in Taiwan, all speakers use
Mandarin fluently on a daily basis. On the other
hand, Min is mostly limited to family or informal
settings. As a result, speakers’ degree of
bilingualism is dependent on their Min familiarity,
which is in turn dependent on their social circles.
Those who have frequent contact with their family
of origin would tend to be more familiar with Min
than those who do not.
4. RESULTS
4.1. Min familiarity

Figure 1 shows the mean ratings for Min proficiency
and frequency of use. Males were in general more
proficient than females [t(18) = 2.89, p < .01], but
the two genders did not differ significantly in their
frequency of use [t(18) = .43, ns.]. Despite rating
differences, all speakers rated themselves as 4 or
above on Min proficiency, which is considered as
above average among young MandarinMin
bilinguals in Taiwan.
Figure 1: Min proficiency and frequency of use. Error
bars are standard errors.

3.2. Stimuli and procedure

Five Mandarin /ʐ/initial bisyllabic words were
selected as stimuli. There were two elicitation
conditions: wordlist reading (henceforth WR) and
questionandanswer (henceforth QA). All stimuli
appeared in both contexts. In the WR condition,
participants were asked to read the words off a
computer screen in a natural manner. In the QA
condition, the experimenter asked the participants
prompt questions to elicit the response of the target
words. For example, the stimulus ranfa /ʐan.fa/ ‘to
dye hair’ was elicited by prompt questions such as
“what do you call the action of changing the color of
your hair?”.
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4.2. Realization of /ʐ/

There were in total 29 different variants observed for
/ʐ/ realization, which could be broadly categorized
along two dimensions, [±retroflexion] and
[±frication]. As shown in Table 1, [+retroflexion]

seems to be a more important feature than
[+frication] [χ2(3) = 30.48, p < .0001]. [ɻ] and [ʐ] are
the two most frequent variants, accounting for
31.5% and 22%, respectively.
Table 1: Frequency distribution of /ʐ/. Two most
frequent variants are shown for each category. The
dominant ones are in bold.

[+frication]
[−frication]

［+retroflexion］
67: [ʐ ʂʐ]
71: [ɻ ⁿɻ]

[−retroflexion]
37: [z ð]
25: [l n]

There is a genderdependent preference in
realization choices, as shown in Figure 2 [χ2(3) =
18.04, p < .001]. Males were more likely to use
sounds that have only one defining feature of /ʐ/,
either nonfricative retroflexes like [ɻ] (henceforth
[R]) or fricative nonretroflexes like [z] (henceforth
[Z]). The canonical form of retroflex fricatives
(henceforth [ZH]) were not as preferred. On the
other hand, females were advocates of retroflex
variants, [ZH] and [R]. [Z] was not their preferred
choice. Both genders did not use nonretroflex
nonfricative sounds (henceforth [L]) as much. Post
hoc analyses using Beasley and Schumacker’s
method [2] showed that gender differences mainly
lie in the use of [ZH] and [Z]. Males were more
likely to adopt [Z], while females were more likely
to adopt [ZH] (p < .001).
Figure 2: Differential gender preferences for /ʐ/.
[ZH]: [ʐ]like sounds; [R]: [ɻ]like sounds; [Z]:
[z]like sounds; [L]: [l]like sounds. Same below.

group medians. As ratings of Min proficiency and
frequency of use did not always coincide,
subgroupings were performed separately on the two
rating scales. For males, speakers who selfrated
themselves as 7 on the proficiency scale were
categorized as highlevel, while those who rated
themselves as 6 or below were categorized as
midlevel. Similarly, males who rated themselves as
6 or above on the frequency scale were categorized
as frequent users, while those who rated themselves
as 5 or below were categorized as nonfrequent users.
For females, the divide was 6 or above for the
highlevel group, and 5 or above for the frequent
group. Table 2 shows the subgrouping distribution.
Males in general showed perfect alignment for the
two measures. Highlevel users were also frequent
users. On the other hand, females showed some
disjoint combinations. Although there were
highlevel frequent speakers and midlevel
nonfrequent speakers, there were also some
midlevel frequent speakers. However, highlevel
nonfrequent speakers were rare.
Table 2: Number of speakers for the subgroupings of
the two measures of bilingualism. Numbers on the
left are males and those on the right are females.

High
Mid

Frequent
5/3
0/3

Nonfrequent
0/1
5/3

As shown in Figure 3, there seemed to be a slight
trend for midlevel males to use more retroflex
variants of [ZH] and [R] than their highlevel
counterparts. However, the chisquare test showed
only a marginal effect [χ2(1) = 2.67, p = .10].
Figure 3: Male preferences for /ʐ/ with regards to Min
proficiency level and frequency of use.

4.3. Degree of bilingualism on /ʐ/

In order to examine the effect of degree of
bilingualism on /ʐ/ realization, speakers were
conveniently divided into approximately two equal
groups based on their selfratings using gender
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For females, the alignment of the two indicators
were not as straightforward. Therefore, two sets of

comparisons were made. The first is to examine the
effect of Min proficiency on /ʐ/ realization by
looking at only frequent speakers. As shown in
Figure 4, midlevel speakers were overwhelmingly
in favor of the canonical realization [ZH] compared
to their highlevel speakers. The chisquare test
showed that the trend was significant [χ2(1) = 27.15,
p < .0001]. The second set is to examine the effect of
Min frequency of use by looking at only midlevel
speakers. As shown in Figure 4, frequent speakers
were more likely to use the canonical [ZH] than
nonfrequent speakers. The chisquare test showed
that the difference was significant [χ2(1) = 24.75, p <
.0001]. If only highlevel, frequent speakers and
midlevel, nonfrequent speakers were compared (as
was the case for males), the chisquare test showed
that the latter group had nearsignificantly more
nonretroflex realizations of [Z] and [L] [χ2(1) =
3.59, p = .06].
Figure 4: Female preferences for /ʐ/ with regards to
Min proficiency level and frequency of use.

5. DISCUSSION
The results in this study have two implications. First,
the realization of Mandarin /ʐ/ is much more
variable than what was suggested in previous
research (cf. [4, 7, 9]). However, it could still be
largely subcategorized into four types, [ZH], [R],
[Z], and [L]. Male speakers were more inclined to
use [R] and [Z], while female speakers were more
inclined to use [ZH] and [R]. This implies that [R] is
probably the most accepted form across the two
genders while the canonical [ZH] was regularly used
only among females. This also implies that the two
defining characteristics of /ʐ/ are of different
weighting for the two genders. Females likely regard
[+retroflexion] as a more important feature to be
preserved for /ʐ/, while males probably consider
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both [+retroflexion] and [+frication] to be equally
important.
Secondly, the degree of bilingualism modulated
/ʐ/ realization in a genderdependent fashion. For
males, Min proficiency level and frequency of use
seemed to work in the same direction, and there was
a slight tendency for them to correlate negatively
with the use of [+retroflexion] variants of [ZH] and
[R]. In other words, highlevel, frequent male users
were somewhat less likely to use retroflex
realizations of /ʐ/. This is in line with what was often
argued in previous studies that Min familiarity might
be ‘detrimental’ to the canonical realization of
Mandarin /ʐ/ [4, 9]. However, such a pattern was not
observed among females. Although females still
showed a negative correlation between Min
proficiency and the use of canonical [ZH], there was
in fact a positive correlation for Min frequency of
use instead. In other words, highlevel females were
less likely to use [ZH], but frequent female users
were more likely to do so. Even if only highlevel
frequent females and midlevel nonfrequent females
were compared, as was done for the male speakers,
the former group still used fewer nonretroflex
realizations of [Z] and [L] than the latter. This
implies that at least for females, there was an
advantage for being a frequent bilingual user, as
would have been predicted by the Structural
Sensitivity Theory [10]. By having more experiences
in both languages, females were more likely to
develop articulatory skills in maintaining a difficult
sound like Mandarin /ʐ/.
In Taiwan, Minaccented Mandarin was often
frowned upon and ridiculed in the mass media, and
deviants from the canonical realization in Mandarin
are often attributed to negative Min influence,
thereby largely discouraging the use of Min in both
public and private domains. However, this study
showed that although there might be some
interlanguage interactions for MandarinMin
bilinguals, negative impacts on canonical
realizations of Mandarin /ʐ/ from being an early
bilingual were in fact minimal. Min frequency of use
even showed a positive effect on the realization of
[ZH] among female speakers. This implies that when
the two languages of a bilingual have sounds of
similar articulatory mechanism, mastering one could
help master the other, even at an abstract level.
This study consisted of only a relatively small
sample. Therefore, further studies will be needed in
order to see whether such an effect still holds when a
larger sample is used.
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ABSTRACT

Parkinson’s [13] and aphasia [10]. SPE are believed
to occur because semantic processing requires the
speaker to first access meaning in order to retrieve
the segments needed to produce the relevant lexical
item. In a picture naming task speakers must access the meaning of the object in the picture before
naming it. Reading and repetition tasks obviate this
additional step, and thus avoid the need for semantic
processing because speech segments can be accessed
via direct mapping with orthography [13] and sound
representations can be directly accessed from input
phonology [10]. This raises important questions regarding L2 and bilingual speech. For example, what
happens when the target language (TL) phonology
is still developing, or the languages have phonologically similar, but acoustically different contrasts?
Gustafson et al. [5] showed SPE in L2 speech in
their analysis of voice-onset time (VOT) of voiced
bilabial and coronal stops in L2 learners of French.
VOT refers to the time interval between the stop
burst and the onset of voicing [8]. Similar to Spanish,
French voiced stops are realized with lead (negative)
VOT, and voiceless stops are realized with short-lag
(positive) VOT. English, on the other hand, contrasts
short-lag (positive) phonologically voiced segments
with long-lag (positive), aspirated voiceless segments.
Thus, for English speakers, learning to accurately produce French (or Spanish) stops implies reducing VOT.
Implicitly this includes (1) developing a new phonetic
category and (2) reducing cross-linguistic interference from the phonetically and perceptually similar
L1 segments. For their analysis, [5] dichotomized
VOT for voiced stops (lead vs. short-lag) and found
picture naming increased the proportion of short-lag
stops in high-intermediate learners.
The goal of the present study was to explore the ongoing acquisition of voice-timing in beginning adult
L2 learners. Specifically, this work aimed to test for
SPE on phonetic processing of Spanish stops, thus
partially replicating [5] and extending it to a different language (Spanish), to more speech segments
(voiced/voiceless bilabial, coronal and velar stops),
and to adult L2 learners during the initial stages of
phonetic category development.

The present work explored the initial stages of adult
L2 learning with a focus on the acquisition of the
target language sound system. Specifically, the study
analyzed the development of Spanish stop voicing
in an immersion learning context in which L1 use
was minimal and L2 input was maximized. Native
English speaking learners of Spanish and bilinguals
provided production data that were analyzed using
Bayesian multilevel models. The analyses included
a pre/post program evaluation of stop voicing in a
delayed shadowing task, as well as a comparison
with the participants’ post-program production in a
task that required semantic processing. The analyses
revealed phonetic learning for stop voicing over the
course of the program, though production gains diminished when the task required semantic processing.
The results suggest L2 phonetic category formation
can occur at an early stage of development, but L2
phonetic representations are unstable during initial
stages of learning.
Keywords: Semantic processing, SLA, VOT
1. INTRODUCTION
Recent investigations on second language (L2)
speech production have focused on the nature of the
representations acquired by L2 learners at different
stages of learning. One question posed by this line of
research asks whether the distinct types of cognitive
processes utilized during speech production influence
L2 planning, programming, and execution of articulation, i.e., phonetic processing [5]. Recent studies
show semantic processing affects speech production
in monolingual [10, 13] and high-intermediate L2
speech [5]. The present investigation extends this
work by exploring semantic processing effects (SPE)
on L2 production in pure beginners and native bilinguals.
Research on SPE in L2 speech is motivated by investigations analyzing pathological speech. These
studies showed that cognitive processes can affect
phonetic processing in monolinguals suffering from
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2. METHOD

Table 1: Target items utilized across tasks.

2.1. Participants

Ten adult native English speaking L2 learners of
Spanish participated in the present study. They were
enrolled in a Spanish immersion program and had a
mean age of 23.7 (SD = 5.27) at the time of testing.
To participate they completed a language background
questionnaire to ensure (1) they did not have knowledge of any languages besides English and (2) had
not spent more than 3 weeks in a Spanish speaking
country. The program required all students sign a
formal pledge by which they promised to speak only
Spanish for 7 weeks (the duration of the program).
Thus the learners received maximal TL input and
used their L1 minimally.
Ten simultaneous (native) bilinguals, born and
raised in Arizona, U.S.A., in Spanish speaking households, also participated. Members of this group had
an average age of 23.27 (SD = 2.76) at the time of
testing and reported using Spanish and English on a
daily basis for as long as they could remember. They
completed the Bilingual Language Profile (BLP) [1],
which provided each participant with a language dominance score ranging from -218 to 218. Negative
values implied dominance in English, positive values
implied dominance in Spanish. The bilingual group
had an average BLP score of -2.76 (SD = 38.93),
thus they were considered balanced bilinguals for the
purposes of this study.

Voiced
Voiceless

Bilabial

Dental

Velar

bala
bola
palo
polo

dado
dodo
taco
topo

gato
gota
caca
coco

along with 38 distractor items. The distractors consisted of 30 CV.CV nonse words and 8 V.CV pseudowords, which were stimuli for other experiments.
The 12 items were repeated 4 times by each participant, for a total of 960 tokens.
Of the 50 items used in the delayed repetition task,
the 12 real words, along with 8 novel words, were
selected for the picture naming task. The novel words
were distractors and were selected from a list of vocabulary the learners knew. Thus, the distractors
were only novel in that they had not previously been
used in any of the tasks. Images of each of the 20
items were retrieved from the internet or created in
Photoshop. PsychoPy2 [11] presented the images
randomly on a laptop computer. The 12 items were
repeated 4 times by each participant, for a total of
960 tokens.
A Shure SM10A dynamic head-mounted microphone recorded both groups, as well as the experimental stimuli used in the delayed shadowing task.
A Sound Devices MM-1 pre-amplifier boosted the
signal and sent it to a laptop computer were it was
recorded using Praat at a 44.1 kHz sample rate with
16-bit quantization [2]. The learners completed all
tasks in a quiet room on site at the immersion program. The delayed shadowing task was administered
on a weekly basis throughout the course of the program, though only data from the first session (day 1
of the program) and the final session (week 7) are
reported. The picture naming task was completed
during the final week of the program, at least 1 day
after the final session of the delayed shadowing task.
The bilinguals completed the production tasks in distinct sessions separated by a minimum of 24 hours.
Their productions were recorded in an isolated sound
booth at a university in the U.S. southwest.
Recorded productions were segmented in Praat following standard procedures. Synchronized waveform
and spectrographic displays served to hand-mark the
onset of voicing and the burst of each stop. The voicing onset was considered the first periodic pattern
found in the waveform. The criterion for bursts was
the onset of broad-band sudden noise in the spectrogram. VOT was was calculated as the difference (in
ms) between the onset of voicing and the burst.

2.2. Materials and Procedure

A delayed shadowing task in which speakers heard
and repeated target phrases was administered first.
The purpose of this task was to elicit production
without requiring semantic processing. A picture
naming task in which speakers said out loud the
name of an object illustrated in an image was administered second. The purpose of this task was to
elicit production that required semantic processing.
Both tasks included 12 critical items containing the 6
Spanish stops in word initial position. Each word had
a CV.CV syllable structure with paroxytonic stress.
The stops were followed by either /a/ or /o/, forming real words that could easily be represented in an
image. Both tasks utilized the same stimuli, but in
different modalities. Table 1 lists the target items.
For delayed shadowing, the 12 items were embedded in the carrier phrase “_ es la palabra” (Eng. _
is the word). A 29 year old native Spanish speaker
from Cádiz, Spain, provided the audio stimuli, which
was recorded in a sound attenuated booth. The stimuli were presented randomly using PsychoPy2 [11],
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ticipants for /d/, 5 participants for /g/, 3 participants
for /p/, 2 participants for /t/, and 1 participant for
/k/. Though production gains were unstable, the
analysis suggests that learners’ stops at the end of the
program had become more native-like (i.e., overall
reduction in VOT), with most change occurring in
the voiced stops.

2.3. Statistical analyses

Three principle analyses are reported. For all models,
VOT was standardized by phoneme and analyzed using Bayesian multilevel models fitted in stan via the
R package brms [3].1 VOT, the criterion variable for
each of the 3 analyses, was modeled as a function of
the fixed effects exposure time (analysis 1, start/end
of program), group (analysis 2, learners/bilinguals),
or task (analysis 3, non-semantic/semantic) and item
repetition. In each case, the categorical predictor was
sum coded (-1, 1), thus the posterior distribution of
parameter estimates provided a sampling distribution
of plausible values for the difference between each
level of the fixed effect in standard units. The random
effects structure included by-subject and by-item intercepts with random slopes for exposure time or task
and item repetition. The same model specification
was used to fit the data for each stop segment with
2000 iterations (1000 warm-up). Hamiltonian MonteCarlo sampling was carried out with 4 chains distributed between 4 processing cores in order to draw
samples from the posterior predictive distribution.
The models included regularizing, weakly informative priors [4, 14]. Specifically, all parameters were
assumed to be distributed as normal with a standard
deviation of 1. The standard deviation parameters for
random effects and the model residual error (sigma)
were truncated to exclude negative values. The correlation parameter used an LKJ-correlation prior with
regularization set at 2.

Figure 1: Parameter point estimates ± 95% credible intervals of ∆ VOT over time.
β ∆ /b/
β ∆ /d/
β ∆ /g/
β ∆ /p/
β ∆ /t/
β ∆ /k/
-1.0

-0.5

0.0

0.5

1.0

Estimate

The 2nd analysis compared the learners’ postprogram production in the delayed shadowing task
with that of the control group of native bilinguals.
Figure 2 plots the point estimates and 95% credible intervals of the group effect. There is a clear
pattern for all segments: bilingual VOT production
is lower in standard units when compared with the
learners’ productions. This suggests that the learners
produced the voiced and voiceless stops differently
from the native bilinguals. Specifically, their productions had overall longer VOT. This is apparent when
sampling the posterior distributions, as the point estimates for β group were negative for all segments,
though within native range for the voiceless coronal
and velar segments. Taken together, the analyses
showed that, overall, the learners did become more
native-like at the end of the program, though their
production of Spanish stops, by and large, still differed from that of the native bilinguals.

3. RESULTS
3.1. Phonetic category development

The 1st analysis examined the learners’ pre- and postprogram stop production in the delayed shadowing
task. Figure 1 plots the point estimates and 95% credible intervals of change in VOT over time for each
segment.2 All point estimates were negative at the
end of the program, which is the expected direction
for a decrease in VOT values. The 95% credible intervals were rather wide and, in all cases except for
/p/ and /k/, no longer contained 0, giving moderate evidence to support the notion that VOT values
reduced for the voiced segments. There was weak
evidence supporting the notion that the late learners,
as a group, reduced aspiration in voiceless stops at
the end of the program. An individual difference
analysis showed that, by the end of the program, all
participants produced pre-voiced stops some of the
time. Furthermore, point estimates for change over
time were negative with 95% credible intervals that
did not encompass 0 for 6 participants for /b/, 5 par-

Figure 2: Parameter point estimates ± 95% credible intervals of group effect for each segment.
β
β
β
β
β
β

group /b/
group /d/
group /g/
group /p/
group /t/
group /k/
-1.0

-0.5

0.0

0.5

1.0

Estimate

3.2. Semantic processing effect

The final analysis examined the SPE in the learner
and bilingual groups. Specifically, we tested for the
SPE on the phonetic processing of Spanish stops by
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VOT (std. units)

Figure 3: Raw data, posterior predictions, and posterior distributions of the means for VOT for each segment as a
function of task.
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The results of the analyses provided evidence for phonetic learning in adults. Specifically, L2 learners of
Spanish improved their production of stop voicing
after 7 weeks of TL exposure. Despite the general
decrease in VOT, the learners still produced stops that
overall fell outside the range of the bilingual group.
Importantly, the analyses revealed that production
gains were negated when the experimental task required semantic processing. That is, the late learners
were particularly susceptible to SPE, which caused
cross-linguistic interference. The same was not true
for the bilingual group, whose stop production was
unaffected by the nature of the experimental task.
The findings corroborate those of [5]. As is the case
with the varieties of Canadian English and French
investigated in [5], the two varieties of English and
Spanish investigated here differ in the realization of
voice-timing for stop contrasts. In our data, similar to
[5], picture naming incited SPE in L2 learners. The
absence of a task effect for bilinguals suggests that
phonetic processing may be less susceptible to SPE
as L2 proficiency increases. This hypothesis was
also put forth in [5] based on self-reported speaking
proficiency data. Future research could shed more
light on this issue by including an objective measure
of proficiency as a predictor variable.
The present study contributes to our knowledge
on the relationship between cognitive processes and
phonetic processing by extending the work of [5] to
include (1) a different language (Spanish), (2) more
L2 segments (voiceless stops and voiced velars), and
(3) native bilinguals and beginning L2 learners. The
results suggest that L2 phonetic category formation
can occur at an early stage of development, but L2
phonetic representations are unstable during initial
stages of learning and susceptible to semantic processing effects.

Table 2: Parameter point estimates ± 95% credible intervals of the semantic processing effect as a
function of segment and group.

Learners
β SPE /b/
β SPE /d/
β SPE /g/
β SPE /p/
β SPE /t/
β SPE /k/
Bilinguals
β SPE /b/
β SPE /d/
β SPE /g/
β SPE /p/
β SPE /t/
β SPE /k/

/t/

Picture naming
0.5

4. DISCUSSION AND CONCLUSION

directly comparing data from the delayed shadowing
task with that of the picture naming task. Figure 3
plots the learners’ standardized VOT data, posterior
predictions, and posterior distributions of the means
for each segment as a function of task. There was a
non-zero, positive effect for all segments except /d/
and /g/, suggesting that picture naming increased
VOT in the remaining stops. Specifically, there is
strongest evidence for the SPE in the voiceless coronal and velar segments, as these posterior point estimates, which are interpreted as the SPE for each
group segment, are largest with 95% credible intervals that are furthest from including 0 (See Table 2).
With regard to the bilingual group, the SPE was practically non-existent for all segments. Furthermore,
the posterior point estimates that were non-zero were
small, and in the opposite direction with credible
intervals that included 0 (see Table 2). In sum, the
analysis suggests that (1) semantic processing affects
phonetic processing of stops for learners, though the
effect is not uniform across all segments, and that (2)
native bilingual speech is unaffected.

Parameters

0.8

3351

5. REFERENCES

this work. The interested reader is encouraged to consult
[7], [9], and [14] for descriptions and tutorials designed
for linguists, as well as [12] for a more general presentation of BDA methods and reporting results for the Social
and Behavioral Sciences.
2 Model plots only include parameter estimates of the relevant predictor (i.e., exposure time, group, or task). Given
that VOT was standardized as a function of phoneme,
intercept terms were always 0 (the grand mean) and uninformative. Due to space limitations, parameter estimates
for item repetition were also excluded. Repetitions had no
effect on VOT in any of the models.

[1] Birdsong, D., Gertken, L. M., Amengual, M. 2012.
Bilingual language profile: an easy-to-use instrument to assess bilingualism.
[2] Boersma, P., Weenink, D. 2018. Praat: doing phonetics by computer [computer program].
[3] Bürkner, P.-C. 2017. brms: An R package for
Bayesian multilevel models using Stan. Journal
of Statistical Software 80(1), 1–28.
[4] Gelman, A., Simpson, D., Betancourt, M. Oct 2017.
The prior can often only be understood in the context
of the likelihood. Entropy 19(10), 1–13.
[5] Gustafson, E., Engstler, C., Goldrick, M. 2013. Phonetic processing of non-native speech in semantic vs
non-semantic tasks. The Journal of the Acoustical
Society of America 134(6), EL506–EL512.
[6] Kimball, A., Shantz, K., Eager, C., Roy, J. 2016.
Beyond maximal random effects for logistic regression: Moving past convergence problems. ArXiv
e-prints.
[7] Kruschke, J. K., Liddell, T. M. 2018. The bayesian
new statistics: Hypothesis testing, estimation, metaanalysis, and power analysis from a bayesian perspective. Psychonomic Bulletin & Review 25(1),
178–206.
[8] Lisker, L., Abramson, A. S. 1964. A Cross-language
Study of Voicing in Initial Stops: Acoustical Measurements. Word 20.3, 384–422.
[9] Nicenboim, B., Vasishth, S. 2016. Statistical methods for linguistic research: Foundational ideas–part
ii. Language and Linguistics Compass 10(11), 591–
613.
[10] Nozari, N., Kittredge, A. K., Dell, G. S., Schwartz,
M. F. 2010. Naming and repetition in aphasia: Steps,
routes, and frequency effects. Journal of memory
and language 63(4), 541–559.
[11] Peirce, J. W. 2008. Generating stimuli for neuroscience using PsychoPy. Frontiers in Neuroinformatics 2(10), 1–8.
[12] van de Schoot, R., Depaoli, S. 2014. Bayesian analyses: Where to start and what to report. European
Health Psychologist 16(2), 75–84.
[13] Van Lancker Sidtis, D., Cameron, K., Sidtis, J. J.
2012. Dramatic effects of speech task on motor and
linguistic planning in severely dysfluent parkinsonian speech. Clinical linguistics & phonetics 26(8),
695–711.
[14] Vasishth, S., Beckman, M., Nicenboim, B., Li, F.,
Kong, E. J. 2018, in press. Bayesian data analysis
in the phonetic sciences: A tutorial introduction.
Journal of Phonetics.
[15] Vasishth, S., Nicenboim, B. 2016. Statistical methods for linguistic research: Foundational ideas–part
i. Language and Linguistics Compass 10(8), 349–
369.
1
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ABSTRACT
Although recent research has shed some light on
relative timing in laryngeal and oral articulatory
gestures, little is known about articulatory patterns of
second language (L2) users along the trajectory from
novice to expert. We report results of an
electromagnetic articulographic (EMA) investigation
of two native English speakers' L2 Spanish—
languages in which voicing and word-initial overlap
in C1C2 clusters are markedly different. We examine
how voicing implementation and onset cluster
overlap change as a function of L1 by comparing
these speakers to previously recorded native Spanish
speakers (under review). Analyses of L1 and L2
groups' articulatory overlap in voiced- and voicelessstop clusters revealed subtle group differences, the L2
speakers not producing some fine-grained native
differences in overlap. However, analyses of
voiceless-stop VOTs in singleton/complex clusters
revealed substantial differences partially attributable
to syllable complexity. Results will be discussed in
light of recent research addressing the acquisition of
novel coordination patterns in an L2.
Keywords: Speech production; articulatory timing;
oral-laryngeal coordination; English; Spanish; L2
speech.
1. INTRODUCTION
A considerable body of research on articulatory
timing has emerged over the past 40 years [5],
whereby particular types of coordination [18] have
been found to intricately reflect the syllabic [8] and
prosodic [7] structure of an utterance. For example,
English syllable-onset consonant clusters appear to be
coordinated with their tautosyllabic vowel by
aligning some temporal landmark at the centre of the
cluster (C-centre) with the vowel [5,6]. Investigations
of other languages have revealed substantial
language-specific as well as speaker-specific
variation in onset cluster timing [16]. Italian, for
example, shows C-centre organization in stop+liquid
onsets but a more sequential organization in other
word-initial clusters (e.g., /s/+stop as studied in [19])
where only the immediately prevocalic consonant
enters into a stable relation with the vowel, with any
additional preceding consonants appended to the left
(hence, ‘sequential’) of the inner CV. Varieties of
Arabic, on the other hand, seem to exhibit exclusively
sequential organization in onsets [15,28]. Further,
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recent investigations [29,17] have revealed relatively
little overlap in the timing of oral gestures in onset
clusters of peninsular Spanish, similar to Arabic. This
is so even though Spanish is claimed to allow clusters
as syllable onsets whereas Arabic is claimed to
preclude these ([14] and references therein),
suggesting that the phonological property of
admitting/precluding clusters as syllable onsets does
not uniquely determine oral gesture timing schemas
across languages. These recent articulatory findings
on Spanish are consistent with a long literature on
previous acoustic investigations, in which open
transitions or intrusive schwa-like vocalic elements
between the onset consonants of Spanish clusters are
reported [4,21,24,25].
In addition to this variation in coordination among
oral gestures, their interplay with any laryngeal
devoicing gestures has long be known to be languagespecific and, more recently, has been shown to
contribute to the timing of the oral gestures. At a
fundamental level, the coordination of this laryngeal
gesture with a single oral gesture as instantiated in
voice onset time (VOT) has been long established to
be language-specific [22], Spanish exhibiting
prevoicing in voiced stops and short positive VOTs in
voiceless stops, and English exhibiting contextually
determined prevoicing or short positive VOTs in
voiced stops and longer positive VOTs in voiceless
stops. More recently, patterns of convergence
towards native-like VOTs have been reported to be
L1-dependent [31]. Further recent work indicates that
the addition of a laryngeal gesture may also affect the
coordination of oral gestures. Thus, French [3]
exhibits no substantial impact of voicing but German
and Spanish [16] show decreased overlap when the
initial stop is voiceless.
Here, we asked how patterns of coordination in
second-language (L2) speakers compare with those of
native speakers. The question of how native speakers
of other languages approximate these patterns of
coordination as they learn an L2 has received little
attention. Investigating the effect of L1 on the level
of precision with which gestural coordination of an
L2 is approximated will further our understanding of
the relative stability of these coordination patterns
beyond the well-established stability of in-phase and
anti-phase timing [17], and will further aid in our
understanding of how new phonetic categories are
learned [13]. Languages vary in the number of onset
gestures that can be coordinated with one another (cf.
cluster complexity), in the language-specific gestural

demands of the cluster constituents (e.g., rhotics
which are approximants in English, uvular
fricatives/trills in French and German, and alveolar
taps in Spanish), as well as in the phasing with which
they may be coordinated. Thus, the number, identity,
and phasing of onset gestures of an L2 learner's L1
may impact the precision with which (s)he
approximates coordination patterns in the L2.
Among experimental investigations into L2
articulation, work of Davidson and colleagues [10,12]
figures prominently. In these acoustic and ultrasound
investigations, native speakers of English and of
Slavic languages were recorded producing real and
nonce words of Slavic. Some of these contained
initial clusters that are phonologically illegal in
English (e.g., /zɡ/). The English speakers' initial
tongue body position for these illegal clusters were
shown to match English /sC/ clusters more closely
than /səC/, indicating that participants were not
epenthesizing a targeted schwa, although vocalic
material was present between the non-native cluster
consonants in the acoustic record. Davidson and
colleagues ascribe this to insufficient overlap among
the onset gestures in these unfamiliar clusters. They
also found that acoustic durations of the consonants
were longer among L2 than L1 speakers, consistent
with the unfamiliarity of these sequences and lesser
gestural overlap among the L2 speakers [11].
In the present investigation, we report articulatory
coordination patterns of two English-L1, L2 speakers
of Castilian Spanish and we compare these to an
existing data set of native speakers of Castilian
Spanish (n=6) [16]. We are currently collecting data
from additional L2 speakers. At the outset, there are
reasons to expect that the articulatory patterns of our
L2 speakers will closely approximate those of native
speakers. This expectation is based on characteristics
of Spanish and English phonotactics and on the
participants' Spanish proficiency. English exhibits
both C-centre timing (in onsets) and sequential timing
(in codas) [23]. Thus, sequential coordination forms
part of the existing coordinative repertoire of our two
participants. Additionally, English phonotactics
allows three onset consonants whereas Spanish
allows maximally two. Thus, our participants will not
be challenged by the number of gestures to be
coordinated but may be challenged by the presence of
a tap, since taps do not form part of clusters in
American English, and are absent from most varieties
of British English. Finally, both of our L2 speakers
had learned Spanish to an advanced level (see section
2.1) and have been judged to be of native or nearnative proficiency by native speakers of Spanish.
We make the additional prediction that
participants' voiceless stop VOTs will also
approximate those of the native speakers, given that
VOT (aspiration) of singleton initial voiceless stops
is an aspect of pronunciation that receives attention in
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Spanish language teaching practice [27]. However,
the question of whether their expertise with VOT will
transfer to clusters is less clear, particularly since this
is a level of phonetic complexity that is not commonly
considered in Spanish pronunciation instruction.
2. METHOD
2.1. Participants

L2 participants were two native speakers of English.
The speakers differed somewhat in their language
background. S1 was a native speaker of American
English, was immersed in Spanish from early
childhood and had resided in a Spanish-speaking
country for the 17 years preceding the experiment. S2
was a native speaker of British English who learned
Spanish in an academic context, supplemented with
visits to Spain and an academic year abroad in
Madrid, but had only made occasional use of Spanish
over the 15 years prior to the experiment. Both
speakers had learned Spanish to an advanced level
(Common European Framework of Reference level
C2 [9]). The native Spanish-speaking participants
were six speakers from Central Spain.
2.2. Stimuli & Procedure

Stimuli were 42 disyllabic words of Spanish with
singleton (C1V) and cluster (C1C2V) onsets. In the
latter, C1 was a stop from the set /b, g; p, t, k/ and C2
was a lateral or a tap, /l, ɾ/. Words were spoken in the
sentence 'Di ___ por favor' /di ___ poɾ faβoɾ/. Having
given informed consent in accordance with
Universität Potsdam's Ethikkommission, participants
sat in a sound-treated booth and stimuli were
presented on a computer monitor. Five repetitions of
each stimulus word were collected. Data were
collected using a Carstens AG501 Electromagnetic
Articulograph. Audio data were recorded with a
t.bone EM 9600 unidirectional microphone placed 1
metre from the participant.
2.3. Data Processing & Measurement

Data were corrected for head-movement and rotated
into a standard orientation using standard procedures.
Measurement of data took place in Mview using
adaptations of MATLAB scripts developed by Tiede
and colleagues [30].
Gestural overlap was defined as the latency
between the release of C1’s gestural plateau and the
onset of the C2 gestural plateau. In measuring
gestural overlap via the difference between these two
landmarks, negative values imply gestural plateau
overlap and positive values indicate the existence of
an inter-plateau interval (henceforth IPI).
VOT of voiceless stop-initial words was defined
as the lag from the release burst following the stop

closure silence in the acoustic waveform to the onset
of voicing, determined with reference to the presence
of periodicity in the waveform and the presence of a
voice bar in the spectrogram.
2.6. Analysis

Linear mixed-effects regression [2] was applied in R
[26]. Separate models were fit for the gestural overlap
and the voiceless stop VOT data. Model outputs are
reported using the lmerTest [20] package anova
function, which provides estimated F-test equivalents
of lmer model fits. The overlap model included fixed
effects of C1 Voicing (voiced vs voiceless), C1 Place
of articulation (labial vs velar), and Speaker Group
(native vs non-native), and all interactions, along with
random intercepts for Participant and random
Participant-wise slopes for Voicing. The (voiceless
stop) VOT model included fixed effects of C1 Place
(labial vs velar), Onset Cluster Complexity (C1 vs
C1C2), and Speaker Group (native vs non-native),
and all interactions, along with random intercepts for
Participant and random Participant-wise slopes for
Voicing. We applied parsimony in our random effects
structure since the data did not support maximal
random effects [1].
3. RESULTS
3.1. Gestural Overlap

The gestural overlap model revealed significant
effects of Voicing (F(1,8.02)=16.21, p<.01) and
Place (F(1,1009.4)=45.73 p<.01) but no effect of
Speaker Group. Overall, then, the two non-native
speakers' gestural coordination patterns approximated
those of the native speakers well, supporting our first
hypothesis. The boxplots for each cell of the design
are presented in in Fig. 1. The non-native speakers,
like the native speakers, exhibited significantly
greater overlap (lower IPIs) when C1 was voiced
(left pair of boxplots in the two panels of Fig. 1) than
when it was voiceless (right pair of boxplots in each
panel) in labial-initial words (t(9.74)=3.56, p<.01;
though not in velar-initial words). Likewise, greater
overlap was observed (lower IPI values) for labial
(blue boxplots) than velar (red boxplots) among both
native and non-native groups.
Nonetheless, the Speaker Groups' cell-specific
boxplots in Fig. 1 are not identical. A significant
three-way interaction of Voicing x Place x Speaker
Group was observed (F(1,1009.98)=16.92, p<.01).
The interaction is driven by Speaker Group—the nonnative speakers showing an interaction of Voicing
and Place (F(1,1009.98)=14.22, p<.01) not present
for the native speakers. Among the non-native
speakers, the effect of Voicing on overlap was greater
among /p, b/-initial words (blue boxplots in the right
panel of Fig. 1) than among /k, ɡ/-initial words (red
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boxplots in the right panel of Fig. 1). Stated
conversely, the effect of place on overlap in the nonnative speakers' voiced stop-initial /b, ɡ/ words
(left pair of boxplots in the right panel of Fig. 1) was
greater than in their voiceless stop-initial /p, k/ words
(right pair of boxplots in the right panel of Fig. 1) and
greater than among the native speakers. In fact, model
predictions for overlap in the non-native speakers'
voiceless-initial onsets were not significantly
different from one another.
Figure 1: Boxplots of Native (n=6) and Nonnative (n=2) Spanish speakers' Inter-Plateau
Intervals by Voicing and Place of Articulation.

3.2. VOT

As in the gestural overlap model, the effect of
Speaker Group was not significant in the VOT model,
consistent with our second hypothesis that the L2
speakers would reasonably accurately approximate
the L1 speakers' oral-laryngeal coordination patterns.
The model did, however, reveal significant effects of
C1 Place (F(1,885.71)=501.10, p<.01) and Onset
Cluster Complexity (F(1,5.77)=86.20, p<.01). VOT
was shorter among bilabials than velars in both
Speaker Groups at both levels of Cluster Complexity.
Cellwise boxplots are presented in Fig. 2.
Figure 2: Boxplots of Native (n=6) and Nonnative (n=2) Spanish speakers' VOTs by Place
of Articulation and Onset Cluster Complexity.

The effect of Cluster Complexity participated in
two-way interactions with Place of Articulation
(F(1,885.66)=4.49, p<.05) and with Speaker Group
(F(1,885.71)=56.38, p<.01). Among the native
speakers, Cluster Complexity only yielded a

significant difference in VOT between labial-initial
words (t(6.37)=2.43, p<.05), velars showing no
significant difference. However, among the nonnative speakers, the interaction of Cluster Complexity
and Place yielded significant effects of Cluster
Complexity for both labials (t(9.55)=9.46, p<.01) and
velars (t(12.35)=8.12, p<.01).
Among pairwise comparisons between Speaker
Groups, the only condition not to show a significant
difference in VOT was the velar-initial singleton
onset. The non-native speakers' labial-initial
singleton VOTs were significantly shorter than those
of the native speakers (t(6.48)=2.87, p<.05), while the
non-native speakers' C1C2 clusters exhibited
systematically longer VOT than those of the native
speakers at both the labial (t(6.50)=3.55, p=.01) and
velar (t(6.42)=7.45, p<.01) Places of Articulation.
4. DISCUSSION
We assessed gestural coordination in the onset
clusters of L1-English, L2 speakers of Spanish,
comparing them with those of native speakers. We
predicted that the L2 speakers would approximate the
coordination patterns of the native speakers
reasonably well, based on the advanced level of
proficiency demonstrated by the participants and on
the more restricted onset phonotactics of Spanish. We
also expected that language-specific differences in
segmental inventories and typical coordination
patterns, along with the pervasive influence of the L1,
could limit the precision with which the L2 speakers
approximated L1 speech.
Our findings supported these hypotheses. The
absence of a main effect of native language both on
articulatory overlap and on VOT is fully consistent
with the claim that the L2 speakers' gestural
coordination patterns approximate those of the L1
with a reasonable degree of accuracy, reflecting their
advanced level of proficiency. Whether learning of an
L2 that has more complex onset phonotactics than a
speaker's L1 would permit this degree of accuracy
remains to be tested (though see work by Davidson
and colleagues [10,12]). The presence of differences
beyond these main effects demonstrates a limitation
on the precision of this approximation.
Among these differences, some are attributable to
L1 coordination patterns. First, L2 speakers showed a
more substantial difference than L1 speakers in
overlap between voiced labials and velars (see Fig. 1,
left boxplot pairs in both panels). This difference is
partially due to greater average overlap (lower IPIs)
in the L2 speakers' voiced labial-initial clusters
compared with those of the native speakers. In turn,
this greater overlap is consistent with C-centre
gestural organization—a characteristic of English.
Second, the greater effects and interactions of Place
of Articulation among the non-native speakers

3356

compared with the native speakers is consistent with
articulator effects reported elsewhere in the literature
on intra-oral and oral-laryngeal gestural coordination
in English [23, 22]. Thus, the non-native speakers'
place-modulated variability in overlap (Fig. 1,
right panel) and VOT (Fig. 2, right panel) can be
attributed to transfer from their L1.
In addition to these L1 transfer effects in the L2
coordination patterns, we see that subtle distinctions
in overlap distinguishing the native speakers'
voiceless labial and velar segments are absent for the
non-native speakers. We can be sure that this level of
articulatory detail is well below that which receives
any attention in the language-learning classroom.
However, our L1 data show that these intricately
subtle distinctions form part of the systematic
coordination of native speakers. From the present
data, it is not possible to determine whether this
distinction is perceptible at all, whether it is
perceptible without these particular non-native
speakers perceiving it, or whether they perceive it
without the pattern having transferred to production.
Finally, and in distinction to the absence of nativelike effects among non-native speakers, we also
observe the presence of effects in non-native speakers
that are absent for native speakers. The difference
between the VOTs of the native and non-native
speakers' labial singleton onsets is particularly
striking in this regard. One might expect that native
English speakers would produce longer voiceless stop
VOTs in L2 Spanish due to transfer from the L1,
when, in fact, we see the reverse. We attribute this
difference to exaggeration of a L1-L2 difference with
which the L2 speakers are particularly familiar (given
that aspiration is one of the aspects of consonantal
articulation that receives attention in the L2 Spanish
language classroom). Thus, while the range of the
native speakers' VOTs for labial singletons extends
relatively high, those of the non-native speakers
remain, exaggeratedly close to zero. Note, in
comparison, the substantially higher non-native
VOTs in clusters, when additional oral gestures are
appended to the segmental sequence (from singleton
C1V, to cluster C1C2V).
Although pairwise timing patterns (e.g., orallaryngeal coordination in VOT) may be learned to
some level of expertise, adding gestures (from C1V
to C1C2V) seems to induce a shift towards familiar
L1 patterns, even among advanced L2-speakers.
Moving forward, we plan to broaden our sample
of L2-Spanish speakers to assess the generalizability
of the presently reported findings, and to assess a
greater range of proficiency, thus charting the
trajectory from novice to expert speaker. Another
way to augment this research is to investigate how
precisely the English coordination patterns of a
parallel set of native Spanish speakers' approximate
those of native English speakers.
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ABSTRACT
This study intends to investigate the duration of
American English vowels as produced by males and
by females who were first language (L1) and second
language (L2) speakers of the language. Results
showed that females produced longer vowels than
males both in L1 and in L2 speech, which was solely
an effect of sex, while no interaction of speech
nativeness was found. When comparing our results to
studies investigating languages other than English,
we observed that similar patterns of sex-related
nativeness-independent vocalic duration differences
emerged. Finally, we argue for sex differences to be
always considered in phonetic studies so that
important phenomena may not be overlooked.
Keywords: Speech production, Vocalic duration,
Nativeness, Sex-specific phenomena
1. INTRODUCTION
It is well-established in the phonetic literature that
males and females (which we will represent here with
the Sex variable) present morphological differences
or even sociolinguistic features that make them
produce speech differently from each other e.g. [1, 2].
Average pitch is higher in females than in males, also
the vowel formants have higher center frequencies in
females than in males. Less has been said in the
literature about inter-sex differences in vowel
duration production.
Studies have recurrently shown that female
speakers of German, Swedish and American English
languages as L1 produce longer vowels than male
speakers [3, 2, 4]. Those studies used read sentences
as well as spontaneous speech. Results support a
biomechanical account to explain the male-female
difference in vocalic durations. The explanation goes
towards a temporal lengthening of vowels by females
in order to compensate for a shorter vocal tract than
males in order to achieve similar phonetic targets in
terms of vocalic production. The difference in
duration is achieved by moving their tongues in
different speeds, females move their tongues slower
than males. Evidence for the biomechanical
hypothesis comes from the studies above mentioned,
which show consistent cross-linguistic similarities in
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their results. These results have important
implications for sex dynamics in speech synthesis and
typology [4].
Both in [4] and [2] another possible explanation
is given that not only greater vocalic durations may
be produced by females, but also greater duration
differences between categories as a consequence of
sociophonetic factors related to the female sex. For
instance, women produce clearer speech than men,
because her vocalic production may be more stable
concerning spectra and durations, which includes a
greater contrast between the durations of long and
reduced vowels.
The purpose of the present study was to
investigate how male and female speakers of
American English as L1 and as L2 produce full and
reduced vowels of American English. We conducted
an English word naming study. The resulting
production data allowed us to check if females and
males differ in their vowel durations and if there was
symmetry in vowel duration cross-linguistically
within the same sex - e.g. females produced similar
vocalic duration patterns both in AE L1 and AE L2.
Because vowel reduction in the L1 sound
inventory of Brazilian Portuguese L1 (BP L1)
speakers is not phonemic, it is most likely that the
word naming data of BP L1 speakers should show a
contrast relative to English speakers, e.g., reduced
vowels in unstressed position might be produced as
full vowels.
2. METHOD
2.1. Participants

For this study, 20 subjects took part in the experiment.
They were exchange students at Leiden University
Centre for Linguistics (LUCL), Leiden, The
Netherlands. The American English monolingual
group consisted of 10 native monolingual speakers of
American English (5 males and 5 females, age range
between 19 and 48, mean age: 25.6 years). The nonnative American English speaker group consisted of
10 Brazilian participants with Brazilian Portuguese as
their first language and English as their second
language (5 males and 5 females, ages ranged
between 21 and 44 years, mean age: 30). L2 speakers
of American English reported their scores in English

proficiency tests, such as TOEFL and IELTS
proficiency tests. As only three participants had
performed the IELTS test, we transformed their
scores into TOEFL scores, using the metrics provided
by the TOEFL comparison tool [5]. After the
transformation of scores, it was possible to select
participants who graded equal to 90 or above
according to TOEFL scores (Mean TOEFL Scores =
94.9, SD = 7.4). The L2 participants also performed
the X_Lex2.05 English vocabulary test [6]. In order
to be selected for the experiment, a participant should
score above 3,500 points in the vocabulary test. Their
scores ranged between 3,500 and 4,850 points
(Mean=4,193 points, SD = 418) out of a maximum of
5,000 points. The TOEFL and the X_Lex2.05 scores
rated them as upper intermediate to advanced learners
of English. None of the participants reported having
hearing problems and all had normal or corrected-tonormal vision. Participation in the experiment and
travel costs were paid. Some volunteered to
participate with no compensation.
2.2. Stimulus Materials

and stored their speech productions for later analysis.
Sessions lasted 30 minutes on average. The actual
experiment was preceded by a training phase with the
same dynamics of the actual experiment and
contained 20 American English words not included in
the experimental phase.
2.4. Phonetic transcriptions

A Praat [7] script was used to automatically trace the
speech responses within the 3-seconds response time
window. Word boundaries were later corrected
manually by the authors of this study. A second Praat
script was used to label the words. Next, a third Praat
script was used to automatically align and label the
segments according to canonical transcriptions for
each word. The automatic alignment and labelling
were later checked and corrected by two phonetician
experts. Ambiguous transcriptions were discarded by
the reviewers and 9 words that resulted in many
ambiguities in transcription were excluded from our
analyses.
2.5. Vowel duration measurement

We used 360 3-syllable words, half of them with
stress on the first syllable and the other half with
stress on the second syllable, such as Advocate and
Adjective, with stressed full vowels in the first
syllable (capitals indicate stressed syllables), as
opposed to gaLACtic and goRIlla with unstressed
reduced vowels in the initial syllable (underline
indicates unstressed syllable).
2.3. Procedure

The experiment took place at LUCL Phonetic lab.
Participants were positioned in a sound-attenuating
booth and seated at approximately 60 cm from a
computer screen (size: 32.5 x 24 cm). The word
naming experiment was implemented and presented
with E-Prime 2.0 software. English words were
presented in black Arial font with size 18 points, at
the center of the screen. The list of English stimulus
words was randomized for each participant and
divided in four experimental blocks containing 90
words each which were counterbalanced in the
number of stimuli with stressed and unstressed target
syllables. Before each block there was a break. Words
were preceded by a 250 ms fixation cross (+) and
presented individually for 1000 ms. Participants had
another 3000 ms after the word disappeared to
pronounce it before another trial began. They were
instructed to read the word on screen aloud as fast and
as accurately as possible. A Sennheiser MKH-416
unidirectional condenser microphone was used to
capture participants’ speech directly onto a PC
(22,050 Hz, 16 bit/sample) and E-Prime 2.0 recorded
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Concomitantly to vowel spectrum, vowel duration is
an important feature in the relationship of vowel
phonemes with word and sentence stress in English.
We therefore measured the vowel durations of words
in our dataset. In Brazilian Portuguese (the first
language of the AE L2 group of this study), only
spectrally full vowels are found, whether in stressed
or unstressed syllable positions [8]. Also, vowel
duration differences between stressed and unstressed
vowels are not large in BP (except for variation found
in spontaneous speech, see [9]); however, in English
the ratio between full and reduced vowels is larger
than in BP [10]. We therefore expect that BP speakers
of English will show a smaller duration ratio for
reduced vs. full English vowels than native English
speakers. Note that in our English target words, full
vowels only occurred in stressed position, while
reduced vowels only occurred in unstressed position.
3. RESULTS
Each participant produced 360 trisyllabic words of
which 180 had stress on the first syllable and 180 on
the second syllable, making a total of 7,200 word
tokens.
Only vowels in the first and second syllables of
the word tokens were included in our analyses to
avoid effects of final lengthening. Thus, 14,040
vowel tokens, and after data cleaning a total of 11,459
vowel tokens were used for the statistical analysis.
Table 1 shows the results for vowel duration per
language group, as well as the ratio of full stressed

vowels vs. reduced unstressed vowels produced on
the first and second syllables of trisyllabic English
words.
Table 1: Vowel duration means by Language
Group and Sex

reduced vowel durations) affect vowel duration in
American English as produced by L1 and L2 speakers
(see Table 2).
Table 2: Multiple Regression Analysis on
duration by Language Group, Vowel Quantity
and Sex

Full vowels

Reduced
Ratio
vowels
full/reduced
males fem. male fem. males fem.
s
AE
102
116
59
71
1.73
1.63
L1
(34)
(43)
(28) (36)
AE
107
116
74
82
1.45
1.41
L2
(39)
(39)
(36) (40)
*Vowel duration means in milliseconds and Standard
Deviations within parenthesis.

Table 1 indicates that native speakers of
American English produced a greater difference in
duration between full and reduced vowels in English
than Brazilians did. The trend by both males and
females from the AE L2 group seems to be to produce
a smaller ratio between full and reduced vowels than
their peers from the AE L1 group, which is shown by
the ratio values.
Concerning Sex differences in the duration of
vowels, we observed that females appear to have
produced longer vowels than males in both full vowel
category and in reduced vowel category. Although
the AE L1 group is formed by different participants
from the AE L2 group, we noticed the same pattern
emerging in the vowel duration of males and females:
females produce longer vowels than males both in
their L1 and in the L2. The means in Table 1 indicate
that the vowel durations of females from the AE L2
group is closer to same-sex AE L1 group than in the
two groups of male speakers.
Although male and female differences in vocalic
duration are not great (Table 1), in between 8-11 ms
for reduced vowels and 9-14ms for full vowels, they
are within the range of Just-Noticeable Difference
(JND) of vocalic duration. As shown in several
papers, JND of vocalic duration is roughly 10% of the
total vowel duration e.g. [11, 12, 13, 14, 15],
especially in the elicited speech modality and highquality recorded data, like the data from this
experiment. We expect that JND of vocalic duration
to vary depending on speech modality (whispered
speech and spontaneous speech, for instance),
nonetheless, we hypothesize the vocalic duration JND
to be symmetrical to our current findings and to be
perceived in communication.
A Multiple Regression Analysis with fixed
factors was performed in R [16] to investigate how
Language Group (American English as L1 or L2),
Sex (male or female speakers), and stress (full or
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Estimate

SE

t

p

(Intercept)

-0.30

.11

-2.63

.08

Language
Group
Vowel
Quantity
Sex

0.22

.07

3.07

.02

-1.16

.16

-7.23

<.01

Vowel
Quantity*Sex
Language
Group*Vowel
Quantity
Language
Group*Sex
Language
Group*Vowel
Quantity*Sex

0.43

.07

6.02

<.01

-0.06

.10

-0.58

.57

0.22

.10

2.16

.03

-0.10

.05

-2.28

.02

0.01

.06

0.17

.87

We observed main effects of Language Group, Sex,
and Vowel Quantity, as well as significant
interactions between Language and Sex, and
Language and Vowel Quantity. These results support
the conclusions drawn from Table 1: The significant
main effect of Vowel Quantity indicates that full and
reduced vowels in English differ in duration. The
duration of vowels in general was also clearly
different in the two language groups, being longer in
the L2 group than in the L1 group –due to the fact that
the L2 durations for unstressed vowels were too long
relative to the L1 norm.
The observed interaction between Vowel Quality
and Language Group indicates that overall
differences in the production of full and reduced
vowels depend on whether English vowels were
produced by Americans or Brazilians. Furthermore,
both males and females showed significant
differences in English vowel duration depending on
whether they were English L1 or English L2 speakers
(as reflected in the interaction between Language
Group and Vowel Quantity).
The evidence indicates that full vowels and
reduced vowels are produced distinctly depending on
sex and language group. To find out whether
Brazilians and Americans showed a similar duration
reduction to English vowels, a closer look is needed
at the reduced vowel durations. The reduced vowels
present in this dataset are the mid-central vowel (also
known as Schwa, phonetic symbol /ә/), and the nearfront near high vowel (phonetic symbol /I/), which

were produced either on the first or second syllables
of the trisyllabic words. Overall, 5,673 reduced
vowels were available in our dataset. After outliers
were excluded, a total of 5,535 items remained for
analysis.
The statistical analysis showed that Schwa
vowels are produced overall with longer durations
than Mid-High Mid-Front vowel vowels. This is due
to the intrinsic characteristics of closed and open
vowels. Mid vowels, such as Schwas, require longer
articulation time due to the jaw opening than high
vowels, such as Mid-High Mid-Front vowels.
Males and females from both Language Groups
produce comparable differences in vowel durations,
which are relatively larger in Brazilians’ productions
than in Americans’. Male American English speakers
produced shorter vowels than female American
English speakers in both L1 and L2 groups. To test if
the differences between Brazilians’ and Americans’
vocalic reduction are significantly different, we ran
two Multiple Regression Analysis, one for Mid-High
Mid-Front vowels and another one for Schwa vowels,
taking as a dependent variable the Square root
duration values and as independent variables
Language Group (American English as L1 or L2) and
Sex. In total, 3,600 Schwas were produced. After
outliers were excluded, a total of 3,474 tokens
remained for statistical analysis.
A Multiple Regression Analysis with Language
Group and Sex factors showed that Language Group
is significant (β = 0.35, SE = 0.08, p < .001), and Sex
is significant (β = 0.23, SE = 0.08, p = .04) as main
factors, but insignificant in interaction (p > .05). The
production of Mid-High Mid-Front vowel numbered
2,073 tokens, but after outliers were excluded, 2,040
tokens remained for statistical analysis. The results
from the Multiple Regression Analysis showed the
same pattern as in the Schwa analysis, Language
Group and Sex are significant as main factors
((βLanguage Group = 0.29, SE = 0.08, p < .001) and (βSex =
0.31, SE = 0.08, p < .001)), but they are not significant
in interaction (p > .05). As no significant interaction
between Language and Sex was found, it indicates
that the effects of Language Group and Sex on vowel
duration are independent of each other.
4. CONCLUSION
Following studies which investigate sex-specific
vowel duration differences, we indicated that female
speakers produced longer vowels than male speakers
when speaking in their L1, in this case, American
English. This pattern was also found in the
productions of a non-native speaking group of
American English. Our statistical results showed no
dependency between Language Group and Sex, so

3361

the inter-sex phenomenon of vowel duration patterns
here observed, longer vowels produced by females,
is something that occurs independently of the
language used by speakers or language of dominance
(L1 or L2) and is solely related to sex.
The findings of this study have some important
implications for phonetics studies. They provide
further evidence for the study of inter-sex phonetic
features as independent phenomena. They also show
that inter-sex duration differences in vocalic
realization are independent of language proficiency
because the pattern emerged also in L2 productions.
For future investigations, using data that address
specifically male and female speech differences,
speech rate is an important factor to be considered
for future analyses.
Although this is a preliminary study on the topic,
the current data support the hypothesis that females
produce longer vowel than males as an articulatory
strategy to compensate for vocal tract dimensional
differences and not because of a language specific
factor, such as language proficiency. These
preliminary analyses support differences in the use
of language by female speakers and male speakers,
as advocated by several studies, e.g. [1, 2, 3, 4, 17,
18, 19] adding to those studies new evidence that
female speakers produce larger vocalic duration
contrast than male peers, not only in first language,
but also in second language.
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ABSTRACT
This study aims to investigate the use of pitch and
duration in differentiating new and given information
in English by native speakers of British English (BE
speakers), Japanese learners and teachers of English
(JLEs and JTEs respectively). The participants were
recorded while reading aloud English sentences
containing given items classified as repeated lexical
items. The pitch range was calculated by measuring
the difference between the peak F0 values on each
target syllable. Duration was compared between the
first and second appearance of the same repeated
items. The results show that: (i) BE speakers’ pitch
range on new information was significantly the
widest; (ii) JTEs and JLEs reaccented repeated items;
(iii) JTEs’ given items were the shortest in duration.
These findings imply that the use of pitch should be
prioritised over that of duration in teaching how to
realise new and given information prosodically.
Keywords: intonation, tonicity, pitch, duration, new
and given information

tonicity is realised by non-native speakers of English.
In this particular study, Japanese speakers of English
are the focus.
The purposes of this study are (1) to examine the
use of pitch and duration on new and given
information in English sentences by BE speakers,
JTEs and JLEs, and (2) to provide implications for
English language pedagogy.
2. METHODOLOGY
2.1. Participants

BE speakers (university students), JLEs (university
students) and JTEs (junior high school teachers)
participated in this study, each group consisting of
five males and five females. These numbers follow
practice in [9] and [10]. All BE speakers and most
JLEs were in their twenties (with the exception of one
JLE being thirty) and JTEs were in their forties or
fifties. The Japanese participants had received all of
their education in Japan. English proficiency level
was not tested between the two Japanese groups.
2.2. Procedure

1. INTRODUCTION
The accentual function of English intonation plays an
important role in signalling new and given
information [1], and the nucleus serves as the focus
of the new information within the intonational phrase
(IP) [2]. The prominence of the nucleus consists of
the greater pitch movement, duration and intensity [3].
However, in the Japanese language, new and given
information is distinguished not by intonation [4], but
by grammatical particles ga and wa respectively, for
example [5]. In the following example, ‘otoko’ (=
man) in the first mention (a) is followed by ga, and
that in the second mention (b) is followed by wa [5].
(a) otoko ga eki ni mukatte aruiteiru.
(A man is walking toward the station.)
(b) sono otoko wa kata ni kamera o kaketeiru.
(The man is carrying a camera over his shoulder.)
The communicative importance of tonicity (i.e.,
nucleus placement) in English is supported by many
scholars (e. g. [6]; [7]; [8]) and it is worthwhile
investigating with some phonetic evidence how
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Participants were recorded reading sentences in 2.3.
Recordings were made at 44.1kHz, 16 bit mono using
Audacity and a Sony ECM-MS907 stereo condenser
microphone. Before the recordings, the participants
checked meanings of the sentences, asked questions
if necessary, and practiced reading aloud.
2.3. Materials

The sentences employed for this study were those
used in [9]. They include repeated lexical items
(Table 1). New information is presented in capital
letters and given items (repeated items) are in italics
(n.b., only plain text was presented to the participants).
Table 1: Experimental sentences
Sentences
1 If you have a hundred dollars, then SPEND a
hundred dollars.
2 I had a toothache but fortunately it wasn’t a
BAD toothache.
3 I won’t give it to John because I KNOW John.

Figure 1: Average Peak F0 results for repeated
lexical items (Hz)

2.4. Pitch range

The calculation of pitch range was carried out using
PRAAT in the following two manners. For the
general analysis (3.1.1), the author measured the
difference between the peak F0 value on the nuclear
syllable and the average peak F0 value of the
syllable(s) in the tail. For the detailed analysis (3.1.2),
the author measured the difference between the peak
F0 values on each target syllable of the nucleus, the
head or the tail.
The analysis does not separate males and females
because a 2-way ANOVA did not show significant
gender-group differences (F2,24 = 1.396, p = 0.267).
This allows us to consider the differences between BE
speakers, JLEs and JTEs independently of the gender
of the participants.
2.5. Duration

The measurement of duration was conducted using
PRAAT by taking the stressed vowels of the repeated
items, following the practice in [11]. No gendergroup difference was examined.
3. RESULTS AND ANALYSIS
3.1. Pitch range

Firstly, the general tendency of pitch ranges between
the nucleus and the tail will be demonstrated, and this
is followed by the detailed description of the peak F0
on each syllable of the target sentences.

3.1.2. Detailed results
Figure 2 shows the peak F0 value of the syllables in
Sentence 1. A pitch drop from spend to a was
identified in all three groups. After a, the pitch of BE
speakers did not change dramatically, whereas there
was an up-step in pitch in JLEs’ and JTEs’ data
between a and hun-. The pitch dropped greatly in
dollars in JLEs’ performance (by 23.8 Hz) and in
both hundred and dollars in JTEs’ data (by 17.7 and
16.6 Hz respectively). Thus JLEs and JTEs actually
reaccented the given item hundred dollars by
producing up-steps and down-steps in pitch on the
syllables following the intended nucleus.
Figure 2: Average pitch contour of Sentence 1 (Hz)

3.1.1. General result
The general result shows that the average pitch ranges
between the nucleus and the tail in the three sentences
were 43.7 Hz for BE speakers, and 25 and 22 Hz for
JLEs and JTEs respectively (Figure 1). A 2-way
ANOVA shows that the difference in pitch range
among the three groups was significant (F2,24 = 3.816,
p < 0.05). Pairwise comparisons show that the
differences between BE speakers and JLEs, and BE
speakers and JTEs were significant (p < 0.05; p < 0.05,
respectively) but that there was no significant
difference between JTEs and JLEs (p = 0.728). This
pitch drop from the nucleus to the tail in BE speakers’
utterances was significantly steeper than those of
JLEs and JTEs, which means that new information
was signalled more markedly by BE speakers than
JLEs and JTEs.
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In Sentence 2 (Fig. 3), BE speakers produced a steep
pitch drop between bad and tooth-, which indicates
that they treated bad as new information and
attenuated toothache. However, JLEs and JTEs
produced a large pitch drop between wasn’t and a, by
31.7 Hz and 59.7 Hz respectively, and between tooth
and ache by 29.8 Hz and by 36.1 Hz respectively.
This shows that they did not treat bad as the nucleus,
reaccenting and giving the status of new information
to the given item toothache, preceded by a large
down-step on wasn’t, (probably due to L1
interference [1] and [12]).

Figure 3: Average pitch contour of Sentence 2 (Hz)

shows that, although JLEs and JTEs showed little
difference in their stressed vowel durations of new
and given items, BE speakers produced a shorter
duration for given information more clearly than JLEs
and JTEs. A paired t-test showed that the difference
in vowel duration of new and given items for BE
speakers was significant (df = 9, t = 6.828, p < 0.01).
The durational differences for JLEs and JTEs,
however, were not found to be significant (df = 9, t =
0.998, p > 0.05; df = 9, t = -0.401, p > 0.05).
Figure 5: Average duration of stressed vowels in
‘hundred dollars’ (msec)

For Sentence 3 (Fig. 4), all three groups produced a
down-step in pitch from know to the peak of John and
within John. However, their pitch ranges were
different. As Table 2 demonstrates, in BE speakers’
performance, the range between know and the peak of
John was wider than the range within John, which
means John was treated as the tail. However, in JLEs’
and JTEs’ cases, the ranges between know and the
peak of John were narrower than those within John,
which indicates that they treated John as the nucleus,
i.e. new information. That is, the given item John was
reaccented rather than being attenuated.
For Sentence 2 (Fig. 6), JLEs showed the least
difference between the stressed vowel durations of
new and given words. JTEs exhibited the biggest
difference in duration between new and given items.
A paired t-test shows that there was no significant
difference in duration between these items as
produced by BE speakers and JLEs (df = 9, t = 1.460,
p > 0.05; df = 9, t = 0.536, p > 0.05, respectively). On
the other hand, the durational difference in JTEs’
production was significant (df = 9, t = 3.404, p < 0.01).

Figure 4: Average pitch contour of Sentence 3 (Hz)

Figure 6: Average duration of stressed vowels in
‘toothache’ (msec)
Table 2: Average pitch change from know to the
peak of John and the pitch range within John (Hz)
John: peak – min.

know - peak of John
BE
JLEs
JTEs

44.3
19.4
22.9

>
<
<

19.5
29.7
38.9

Thus, all the given items in the experimental
sentences were reaccented instead of being attenuated
by JLEs and JTEs, which was not the case with BE
speakers.
3.2. Duration

Figure 5 presents the average duration of stressed
vowels in hundred dollars in Sentence 1. The figure
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In Sentence 3 (Fig. 7), JTEs again showed the greatest
difference in duration, which was, according to a
paired t-test, significant (df = 9, t = 5.700, p < 0.01).
On the other hand, the durational differences for BE
speakers and JLEs were not statistically significant
(df = 9, t = 0.312, p > 0.05; df = 9, t = 0.302, p > 0.05,
respectively).

Figure 7: Average duration of stressed vowels in
‘John’ (msec)

These results reveal that JTEs were more likely to
make durational differences when signalling new and
given information. BE speakers did not rely on this
cue to the same extent in comparison to JTEs. JLEs
were the least likely to depend on it.
Table 3: Summary of the significance of the
durational differences in Sentence 1, 2 and 3

BE
JLEs
JTEs

Sentence 1
*

Sentence 2

Sentence 3

information) also functioning as the nucleus (new
information), which is against listeners’ expectation
that there would be one nucleus in a short utterance.
With regard to the use of pitch and duration, BE
speakers were found to be more dependent on pitch
than duration in indicating new and given information.
Therefore, according to norms of BE speakers, the
use of pitch plays a greater role in differentiating new
from given information than that of duration.
Thus, although JTEs decreased duration on
given items more than the other groups, they would
have to be capable of presenting pitch differences in
order to make their speech more intelligible.
From the perspective of English language
teaching, therefore, it would be reasonable to say that
the use of pitch should be prioritised over that of
duration in teaching how to differentiate new and
given information. The accentual function of
intonation is important for non-native speakers of
English communicating with native speakers of
English [10] and with other non-native speakers of
English, i.e. in a situation of English as a Lingua
Franca (ELF) ([6]; [14]).
5. CONCLUSION

*

*

4. DISCUSSION AND PEDAGOGICAL
IMPLICATIONS
It has been revealed that there was a significantly
different employment of pitch between BE speakers
and JLEs and JTEs which may be perceived as reaccentuattion of given items by Japanese groups.
Though it was identified that they did accentuate
new items such as spend and know by using pitch, the
second or third accented items (i.e., repeated given
items) were likely to be considered as the nucleus by
listeners. Either that, or the whole utterance in each
case could be viewed as having two IPs.
Within the framework in [13], the nucleus is
supposed to be on the last lexical item in an IP.
Therefore, the accented items closer to the end of an
IP such as dollars, (tooth-)ache and John would be
perceived as the nucleus as long as they are accented,
while the first ones such as spend and know as part of
the head. That is, although JTEs and JLEs made the
new item prominent by pitch, it is unlikely to be
considered as the nucleus. Another possible
interpretation is that there are two IPs in the utterance
by dint of having two nuclei, in which case the new
items are considered as the nucleus. In this sense, the
nucleus was realised properly by JTEs and JLEs.
However, as a whole, the utterance delivers too much
information as a result of the repeated items (given

3366

The aims of this study were to examine how BE
speakers, JTEs and JLEs signalled new and given
information by the use of pitch and duration and to
provide suggestions in teaching English intonation.
For the first aim, it is necessary to conduct further
research on the realisation of tonicity in utterances
that contain different types of new and given
information as examined in [15]. It is also of great
importance to collect more data so as to delve into the
meaning of the increased pitch on given items by the
Japanese speakers of English.
For the second aim, the next step is to investigate
how pre- and in- service teachers can be trained so
that they will be able to teach, with confidence,
intonation, particularly tonicity.
As for pre-service teachers, phonetics and
phonology (or pronunciation) modules on the teacher
preparation programme at university will play a great
part, and it is hoped that the programme will provide
the trainees the opportunity to practise teaching
tonicity as well as to learn its theoretical description.
In this session they should be given opportunities to
listen to L2 speech, to identify learners’ needs, to
select appropriate teaching materials and to give
feedback, for example.
Regarding in-service teachers, including novice
teachers, although they have strict time constraints
with their work, it is preferred that they participate in
any quality workshop or seminar about teaching
English pronunciation.
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ABSTRACT

pitch and intensity, much work has investigated how
different alignments of peaks for these two streams
can convey different meaning [14, 21]. Here we investigate another multistream configuration.
Another central question in prosody is that of
when and whether the perception of meaningbearing prosody is categorical or gradient in nature.
For a construction conveying contrast, Kurumada
showed that the strength of perception of contrast
was roughly proportional to the strength of the components of the construction, in a warping experiment
that manipulated pitch and duration [9]. Here we explore this issue for another construction.

Among the meaning-bearing forms of language are,
recent work suggests, “prosodic constructions,” that
is, configurations of diverse prosodic features in specific temporal relations. However the detailed properties of such constructions have been little studied. As a case study, we here examine the “HighLengthened-Quiet” construction of American English, used for positive assessments. From subjects’
judgments of modified stimuli, we find: that this
construction indeed conveys positive assessment,
that the positive interpretation is stronger to the extent that the prosodic components are more strongly
present, and that this is truly a configuration, in that
the contributions of the component features depend
on their temporal positions.

2. PROSODIC EXPRESSIONS OF POSITIVE
FEELING IN AMERICAN ENGLISH
To date most work on conveying positive feelings
with prosody has examined emotions, most often
in monologue or acted speech. Across languages,
positive emotions associate with features including
higher pitch with “upward inflections,” higher intensity, and breathy voice [10]. Classifiers that use multiple prosodic features in concert achieve better performance than those that use just one type of feature
[8], but it is not known whether this is due specifically to the importance of feature configurations.
There has also been some work on the prosody of
positive feeling in interaction and dialog. For American English, our language of interest here, we know
of four studies. Fernald observed that expressions of
approval in infant-directed speech often have “exaggerated rise-fall F0 contours” [3]. Freese and Maynard’s study of the prosody of good news as it occurs
in conversation, for example in a sentence announcing that a relative had found a job, found that it often includes 1) high pitch level, 2) increased pitch
range, 3) abrupt step-ups and rises, 4) modal voice,
5) loudness on key words, 6) and fast and increasing rate [6]. Freeman and colleagues did two quantitative studies. Examining the expression of positive stance in problem-solving meetings, they found
that tokens of yeah conveying agreement with something the interlocutor had suggested tended to have
a) longer vowel duration, b) pitch ranges that extend

Keywords: prosodic constructions; perception;
temporal patterns; multistream prosody
1. RELATING PROSODY AND MEANING
Modeling the ways in which prosody conveys meaning is a challenge in many ways [18, 20, 17, 15], not
least because of the diversity of types of prosodic
forms which may bear meaning, ranging from the
lexically-bound to the purely paralinguistic. Between these two extremes, recent research has also
identified configurations of diverse prosodic features in specific temporal relations that bear specific
meanings. Following [16], we will refer to these as
“prosodic constructions.” While many prosodic constructions have been discussed, only a handful have
been quantitatively described [2, 11, 12, 19]. Most
such previous work has relied on corpus studies and
production studies, but here we seek to elucidate the
nature of a prosodic construction using perception
studies instead.
A related question in prosody modeling relates to
the extent to which different types of prosodic information work in concert or independently. Traditionally work in prosody focused on pitch (intonation)
alone, but there is increasing interest in multistream
feature configurations [15, 13]. For example, for
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High then Lengthened then Quiet Construction
Function: Express Positive Assessment
Form:
typical timespan prosodic properties
–1600 to –800 ms raised pitch
–800 to –200 ms lengthened vowels
increased loudness
–200 to 0 ms sharp drop in loudness
(clipped end)
0 to 800 ms silence or low intensity
Figure 1:
Construction.

The

Figure 2: good job with neutral prosody (above)
and with positive prosody (below). Pitch is in log
Hz, blue, and intensity in decibels, green.

High-Lengthened-Quiet

holding everything constant but the prosody.)
Hypothesis 2: This pattern conveys positive assessment in a gradient manner. (We expected stimuli where the component features are more strongly
present to be perceived as more positive.)
Hypothesis 3: This pattern functions as a configuration, not a temporally amorphous conjunction of
independent features. (We expected the component
features to contribute more strongly to perceptions
of positivity when they appear properly located relative to the other features.)

higher, c) lower mean intensity, and d) a earlier and
steeper intensity drop [5], and, more generally that
the stressed vowels in content words were longer in
positive utterances [4]. Together these studies show
that prosodic features of many types are involved in
conveying positive feeling, but not specifically how
these features are related or configured.
More recently, a statistical study of the prosody
of a corpus of American English conversations [22]
led to the discovery of a frequently co-occurring set
of prosodic features in a specific temporal configuration which is often used to convey positive assessment, as summarized in Figure 1. Utterances with
this prosody in the corpus include I love teaching,
I love helping kids; [in terms of being prepared for
Monday’s exam], I feel good; [I like magical fantasy
movies but] I also really love the Boondock Saints;
it’s really cool coming up with a program, and then
being able to see that program on someone else’s
phone; and I like her style. The audio is available
at [23]. This pattern is of course not rigid: there
is significant variation in which features are present,
how strongly they are present, their timespans, how
they align with syllables, and what meanings beyond
positive feeling are also present.
Overall, the findings of these studies are largely
compatible, despite the diversity of methods and of
genres studied. The prosodic construction model
however differs in ascribing to the prosodic features
specific locations in a temporal configuration. We
here seek to determine whether this actually matters.

4. EXPERIMENT DESIGN
We tested these hypotheses with a perception study,
in which subjects were presented prosodicallymanipulated stimuli in pairs and indicated “which
sounds more positive.” Although previous research
implicates a multitude of features, here we varied only those that seemed most consistently and
saliently involved, namely pitch height and syllable
duration.
4.1. Stimulus Sources

We used phrases observed in uses of this construction in everyday life, chosen also for their ability to
sound natural both with strongly positive feeling and
with neutral feeling. Samples of each phrase were
recorded in these two conditions by native speakers of English asked to imagine contexts where they
would have these feelings. The thank you samples
were produced by the second author, and the good
job samples by a teenage girl naive to our hypotheses. Pitch and intensity contours for the latter are
seen in Figure 2, and some measurements in Table
1. We note that both positive productions had the
expected relatively high pitch (region 1) and then
the relatively longer syllable. In other respects the
prosody was fairly diverse, apart from a weak ten-

3. HYPOTHESES
Based on these considerations we formulated three
hypotheses.
Hypothesis 1: The high-long-quiet pattern indeed
conveys positive assessment. (Since the connection
found in the corpus study might have been due to a
hidden variable, we test this by direct comparisons,
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each pair the average pitch and total duration were
the same. We did this for manipulations to 50%
and to 100% of the prosody of the positive sample.
We predicted that the stimuli with the temporallyappropriate prosodic modifications would be selected as positive more often, by the same test.
All of these manipulations were done using Praat
[1]. The results we judged to be adequately natural: despite some slight impairments, especially in
the two stimuli whose creation involved pitch reductions, all sounded like human productions. The
Praat script, source samples, and stimuli are available [23].
For all tests we used a 5% confidence level.

Table 1: Selected properties of the source samples, for the first syllable (s1) and the second (s2).
Pitch is in 100 Hz, intensity in decibels, duration
in seconds. The last column is the average ratio of
the positive to neutral measurements, shown only
for the features that we chose to manipulate.

good job
neu pos

thank you
neu pos

s1 peak pitch
s1 avg. pitch
s1 max. intensity
s1 duration

254
239
75
.21

323
313
69
.16

106
106
59
.13

219
195
65
.19

s2 peak pitch
s2 avg. pitch
s2 max. intensity
s2 duration

263
245
77
.39

345
287
77
.56

102
99
52
.14

117
101
60
.25

avg.
ratio.
1.57

4.3. Procedure and Subjects

To ease the subjects’ task, we chose to elicit forcedchoice judgments of stimulus pairs. The two samples in each pair were separated by 1 second of silence. We asked subjects to “ignore any distortions,
and just focus on the feeling of what the speaker is
saying.” The presentation alternated good job stimulus pairs and thank you pairs, for three reasons: to
reduce fatigue, to weaken possible anchoring effects
between pairs, and to make it harder for subjects to
listen analytically or infer the manipulations, promoting instead the quick judgments we wanted. For
the same reasons we tested all 3 hypotheses at once,
interleaving stimulus pairs related to the different
hypotheses in a randomized order.
For each phrase, there were 2 pairs for Hypothesis 1, 8 + 5 pairs for Hypothesis 2, and 2 pairs for
Hypothesis 3. Each pair was presented twice, once
expected-positive first and once expected-neutral
first. With the two phrases, this gave a total of 17
* 2 * 2 = 68 stimulus pairs.
Subjects were a convenience sample, recruited
from a graduate Computer Science class at a university in the Southwestern United States, on the
Mexican border. In this class about half the students
were non-native speakers of English, but thinking
that anyone with at least modest experience with
conversational English would be familiar with this
pattern, our only screening question was for “years
lived in an English-speaking country,” with choices
“one or more” and “less than one.” We offered students $10 to stay after class for 15 minutes to participate; 21 accepted. The stimuli were played over
the wall-mounted speakers and the subjects marked
their judgments on paper. Data from 3 subjects was
excluded from analysis: one based on the screening
question and two for not providing judgments for all
stimuli. The 18 remaining subjects included 6 females.

1.61

dency for the pitch of the second syllable also to be
higher for the positive samples.
4.2. Stimuli Preparation and Statistical Tests

For Hypothesis 1: For each phrase we created two
stimulus pairs: the neutral samples in original form
and modified to exhibit the prosody of the positive
form; and the positive samples in original form and
modified to exhibit the prosody of the neutral form.
Specifically, we used Praat to first adjust the syllable
durations and then transplant the pitch contours [24].
We predicted that for both pairs the stimulus with the
positive-sourced prosody would be judged to sound
more positive, tested against the null hypothesis of
no preference using the binomial distribution.
For Hypothesis 2: For each phrase we prepared
stimuli with varying degrees of match to the Construction. The source in each case was the neutral
production, the “0%” stimulus. To create, for example, the 20% stimulus, the pitch across the utterance
was increased 20% of the way to that in the positive sample, in log Hertz, and the duration of region
2 was similarly increased by 20% of the way to the
positive sample value. We predicted that for every
pair of stimuli, the one with more intense manipulations would be judged more positive. To also investigate sensitivity, we created a set of stimuli pairs
that spanned the 0-100% range in five steps and a set
that spanned it in eight steps. Again we used the 0.5
binomial distribution to judge significance.
For Hypothesis 3: We prepared stimuli using the
neutral productions as sources, modified either perregion as described above, or by globally increasing the pitch and duration across the sample. In
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Table 2: Number of more-positive judgments.
(Hypothesis 1)

Table 3: Number of more-positive judgments as
a function of the scope of the prosodic manipulation. (Hypothesis 3)

prosody
neutral positive

source
neutral
positive

1
7

71
65

eight step

50%
100%

overall

syllablelocalized

17
11

55
61

our expectations 74% of the time, but this varied
from 43% to 95%.

five step

1.00

6. SUMMARY AND DISCUSSION

0.90

0.80

Thus we find that this High-Lengthened-Quiet
configuration of prosodic features indeed conveys
meaning, and that it does so more strongly as the
strength of the component features increases. Further, for the first time, we show that the temporal location of the component features of a prosodic construction is perceptually important. This confirms
the utility of prosodic constructions in describing
meaning-bearing prosody.
Future work might examine many things. As our
stimuli here were two-syllable isolated phrases, one
might examine uses of this prosodic construction on
longer phrases and in ongoing dialog. One might
also quantify the relative contributions of the various
prosodic features to the perception of positive feeling, including the contributions of different aspects
of the intensity contour. One might also look for
alternative, non-constructional ways to model these
observations, and investigate aspects which may be
difficult to account for in a constructional model [7].
One might investigate whether the meaning of this
construction, is best characterized as positive assessment or as something more specific or more general.
One might also test whether the meaning contribution of the prosodic components of this construction
as a whole is greater than the sum of the contributions of the parts.
In any case, these results suggest that studies of
the prosodic expression of semantic and pragmatic
functions should use methods that allow the discovery of temporal configurations. Similarly applied
work — in language description, speech synthesis,
computational paralinguistics and so on — would be
well-advised to use models that enable the representation of such configurations.

0.70
0.60

0.50
0

20

40

60

80

100

Percent of Positive Prosody

Figure 3: Fraction of judgments favoring the
stimulus with higher first-syllable pitch and longer
second-syllable duration, as a function of difference between stimuli and positions in the continuum. The dot at 10% represents judgments of the
0%-20% stimulus pairs, and so on. (Hypothesis 2)

5. RESULTS
Table 2 shows that, for both sources the stimulus
with the positive prosody was judged to sound more
positive. For both sources the differences were significant, supporting Hypothesis 1.
Figure 3 shows results for the stepwise comparisons. All differences are significant, supporting Hypothesis 2. The results also indicate that discriminating between adjacent members of the eight step
series was harder than for the five step series.
Table 3 shows that stimuli were perceived as
more positive when the associated features occurred
where specified by the construction. The differences
were significant for both the 50% and 100% manipulations, supporting Hypothesis 3.
Thus every prediction was borne out, all at the
5% confidence level. Moreover, when, concerned
that the use of stimuli derived from author-produced
samples may have biased the results, we repeated
the analysis using only judgments of stimuli derived
from the naive speaker’s productions, all comparisons were still significant.
Finally, we observed substantial variation across
subjects. The average subject’s judgments matched
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ABSTRACT
In this study, declination of native and non-native
English was investigated based on their prosodic
grouping. Read speech were obtained from a national
standardized English test in Taiwan. Mandarin L2
learners of English who obtained the highest score
were categorized as High-L2, and those who barely
passed as Low-L2. Two additional native groups of
English and Mandarin were recruited to record the
same/translated materials under similar settings.
Their recordings were compared with the test-takers’.
Data labelling followed the convention of Tone
and Break Indices for English. Results showed that
L2 learners in general assigned more intonational
phrases to the same texts than the native speakers.
Greater degrees of declination were observed in
native Mandarin than English, showing languagespecific preferences. In addition, a developmental
trend was found in the degree of declination for
learners at different proficiency levels, and it could
not be completely explained away by the effect of
duration.
Keywords: declination, English, L2 prosody, read
speech, ToBI.

1. INTRODUCTION
Declination was first realized as a result of
physiological constraints [2], and it was not until later
that the issue has been investigated in the realm of
speech. The downward trend is commonly observed
in speech production, whereas in speech perception,
listeners tend to automatically compensate for such a
downtrend [6]. Empirical studies further supported
that F0 declination is not just a by-product of the
physiology, but is also linguistically controlled [9].
In fact, the issue of declination is extremely
complicated [6]. For instance, it is believed to be
relevant to mental programming, as speakers make
use of this cue in differentiating parenthetical clauses
from main clauses [4]. In addition, the gradual
decrease of F0 serves as a major cue not only in
signalling utterance ends, but in decoding discourse
structures [7]. In this way, and perhaps with the
additive cue of reset, the presence of declination
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facilitates communication. Speakers use declination
to demarcate boundaries of various linguistic levels,
and the melodic patterns can be effectively perceived
by listeners.
It is indicated that the domain of declination is
worth noticing, as declining F0 trends are likely to
occur on units of different sizes, varying from lowerlevel phrases to discourse structures [7,8]. Timedependency has also been found in previous studies.
For example, the initial height was found positively
correlated with utterance length, and this holds true
cross-linguistically, as both Mandarin and English
native data showed a similar pattern [9].
Other influential factors include genre and
language backgrounds. With similar characteristics of
declination patterns, Swerts et al. found that read
speech was more time-dependent and showed larger
reset than spontaneous speech [8]. As for language
backgrounds, since learners of a second or foreign
language usually speak more slowly, the slopes of the
best-fit trend-lines of their intonational phrases are
flatter than those of native speakers. For example, the
slope of Mandarin learners’ English utterances was
found consistently flatter than that of native American
English speakers', which had been speculated as the
effect of L1 transfer [5].
However, since the declination slope of Mandarin
is steeper than that of English [9], the flatter slope in
Mandarin learner’s English is not likely due to L1
transfer. Given research has also been scant with
regards to the effect of L2 proficiency level over
declination, this study aims to investigate whether
duration of intonational phrase is directly related to
the extent of declination, and whether L2 proficiency
level plays a role in affecting the declination patterns.
2. METHOD
2.1. Subjects

Both native and non-native data were included in this
study. The L2 English data were selected from a
learner corpus, while native English and Mandarin
data were recorded in a sound-attenuated phonetic lab
under a similar test condition. The details of these
data are described as follows.

2.1.1. The L2 data

2.2.2. The Mandarin texts

The LTTC English Learner Corpus is a test-based
corpus with data collected from the General English
Proficiency Test (GEPT), a national standardized
English proficiency test regularly held in Taiwan. A
set of 16 audio recordings was selected from the
intermediate level of the oral test. The assessment of
GEPT oral tests uses a general score of a 5-point scale
(1 as the lowest; 3 as the passing score). Half of the
recordings selected received a grade of 3 (LL2, N=8),
and the other half received a grade of 5, which is the
highest score (HL2, N=8).

The two texts were translated into Mandarin
following a comparable scheme: All sentences were
statements with punctuations clearly marked, and
alternations between short and long phrases of the
original text were maintained. Instead of using
transliteration, the English personal or place names in
the original text were replaced by common local
Mandarin names and place names in Taiwan. This
was to ensure that participants would stay in the same
language mode while being recorded. Moreover, to
accommodate the fact that Mandarin is a tone
language, and T2 and T3 in Mandarin do not contain
a high tone [3], all the initial and final characters of
each potential chunking site used words of either a T1
or a T4, both of which contained a high tone. This
makes cross-language top-line comparison possible.
The same materials and instructions were given in
Mandarin during the recordings.

2.1.2. Native English speakers
As American accent is the mainstream for English
education in Taiwan, a group of eight native speakers
of American English was recruited for recording to
serve as the native reference. They were given the
same materials and instructions as the test takers, but
the recording took place in a phonetics lab.
2.1.3. Native Mandarin speakers

2.3. Data collection and processing

To examine possible transferring effect from one’s
native language, another group of eight native Taiwan
Mandarin speakers were also recruited, serving as the
Mandarin reference. These speakers shared the same
native language background as the HL2 and LL2
groups of the corpus data; furthermore, they had all
been English majors back in college and were
graduate students of linguistics at the time of
recording. Both their production of English and
Mandarin texts were recorded. These speakers were
categorized as advanced learners of English (Adv-L2),
whose data filled the existing gap between native
English and the HL2, given that the corpus data was
selected from the intermediate level of the GEPT, and
there is plenty of room between the highest score and
the native norm of English.

2.3.1. Equipment

2.2. Materials and procedure

2.2.1. The English texts
The materials used in the read-aloud session of the
test were two English texts consisting of 165 words
in total. Each sentence was a statement, with
punctuations clearly marked on the test sheet. The test
sheets were given to the test takers one minute prior
to recording. The same criteria held true for data
collection conducted in the lab. All participants were
instructed to read the two texts at a comfortable speed
within two minutes.
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A SHURE SM10A head-mounted microphone
connected to a KORG MR-1000 mobile recorder was
used for data collection for both native language
groups. The sampling rate was set at 48kHz and later
downsampled to 22.5 kHz for analyses.
2.3.2. Data labelling
Following the English ToBI convention [1], two
trained phoneticians independently labelled the data,
and agreed on the final labels.
In addition to the words tier, core tiers of a
standard ToBI transcription include the tones and the
break index tiers. In the tones tier, syllables received
prosodic salience (pitch accents) and utterance ends
(phrase accents and boundary tones) were denoted in
association with the height of the tonal targets. In this
study, single high tones or bi-tonal combinations with
an H element were marked for pitch accents, and LL% for the phrase accent and boundary tones of the
final fall in a declarative utterance. In the breaks tier,
levels of break indices (BIs) were marked according
to the corresponding size of disjuncture between two
adjacent words. BI4 represents the maximal level of
disjuncture, and always appear at the boundary of
intonational phrases (IPs) in the tones tier. An
example of the labelling is shown in Figure 1.

As expected, for reading the same texts, native
speakers were faster than high-proficiency learners,
who in turn, were faster than their lower-proficiency
counterparts. Two separate one-way ANOVAs were
conducted to compare the effect of language
proficiency, and both reached significance [speaking
rate: F (2, 21) = 47.85, p < .0001; articulation rate: F
(2, 21) = 31.33, p < .0001]. This validates that the data
of the two L2 groups belong to different populations
that contrast each other in fluency.

Figure 1: Demonstration of ToBI labelling.

For data analyses, the percentage of BI4s over all
BIs included was calculated, and so was the duration
of each IP and the maximal value of its first and last
accents to extract the top-lines.

3. RESULTS AND DISCUSSION
Three main parts were reported in this section. First,
speech rates and the number of intonational phrases
of the L2 groups were compared with the native norm.
Declination levels of the English and Mandarin native
norms as well as those obtained from the learners’
data were then compared. Finally, the effect of
duration was also examined for native and non-native
English production.

3.2. Intonational phrases

Now that the same texts were read by all participants,
a higher percentage of BI4 indicates more
intonational phrases were assigned. As shown in
Figure 3, more IPs were assigned by the two L2
groups, as compared to the native English speakers.
A one-way ANOVA examining the effect of
proficiency on BI4 ratio reached marginal
significance [F (2, 21) = 3.24, p = .06], which
validated the observation. However, the pairwise
comparison showed that the difference between HL2
and LL2 was not significant.
Figure 3: The assignment of BI4/all BIs (error bars
stand for standard errors).
30%

3.1. Speaking and articulation rates

Speaking rate was calculated by dividing the total
number of words over the duration spent (in seconds)
for each participant, and articulation rates was
calculated with all pauses within the recording
excluded. The group averages of the L2 and native
English data were shown in Figure 2.
Figure 2: Speaking and articulation rates of the
native and non-native English read-aloud data
(Error bars stand for standard errors).
Speaking rate

Word/sec
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3.3.1. Language-intrinsic difference

Articulation rate

The first analysis with regards to declination was the
language-intrinsic preference of the declination level
for native Mandarin and English speakers. The degree
of declination was calculated as the group average of
the F0 difference between the first and the last peak
of each IP. The results would also serve as a basis for
later comparisons with L2 learners at different
English proficiency levels. Declination level was
defined as the difference between the maximal values
of the first and the last peaks of each IP.
As shown in Figure 4, compared with English, a
larger declination level was observed for Mandarin,
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Figure 4: Declination level of the two groups of native
speakers (error bars stand for standard errors).
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3.3.2. Effect of language proficiency
Based on the native data, the degree of declination
was then examined for all groups at different English
levels, which included the two L2 groups from the
corpus, and the native English and Adv-L2 groups
from the recorded data. The effect of proficiency was
clearly observed.
As shown in Figure 5, the extent of declination
exhibits a likely developmental path, with native
English speakers employing the largest difference
between the first and last peaks of the IPs, followed
by the advanced learners, which was in turn followed
by the HL2 and LL2 groups of the learner corpus.
A one-way ANOVA test comparing English
proficiency levels revealed significance [F (3,659) =
10.20, p < .0001]. Post-hoc Bonferroni tests showed
all pairwise comparisons were significant except for
the one between Native and Adv-L2, and that
between HL2 and LL2.

Mean declination (Hz)

Figure 5: Declination of speakers of different
proficiency levels (error bars stand for standard
errors).
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3.3.3. Declination vs. duration of the unit
Since proportionally more IPs were assigned by the
two L2 groups from the learner corpus (Figure 3),
chances are the extent of declination is affected by the
mean duration of the declination units. This is
because fewer chunks imply longer duration, which
may lead to larger declination levels. To examine for
this possibility, the mean peak-to-peak duration of the
IPs was calculated for the four groups.
As shown in Figure 6, the developmental trend
observed for the declination level did not appear in
duration. The difference of declination level across
groups with various English proficiency levels
seemed not directly resulting from the duration factor.
A one-way ANOVA test on the first-to-last peak
duration for each declination was significant [F
(3,659) = 10.41, p < .0001]. Post-hoc Bonferroni tests
showed that the pairwise comparison between native
and Adv-L2 was significant, and so did the difference
between Adv-L2 and HL2, as well as that between
HL2 and LL2.
Figure 6: Duration between first- and last peaks of the
declination unit (error bars stand for standard errors).
Peak-to-peak duration (s)

and a one-way ANOVA on this language-intrinsic
difference proved the significance [t (317) = 2.04, p
< .05]. This supports previous findings [9].
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Previous studies showed smaller amount of
declination in Mandarin learners of English, as
compared to native English speakers’ production [5].
In this study, we further investigated learners of
different English proficiency levels, and based on the
results obtained, we found the extent of declination
positively correlates with the learners’ English
proficiency level; the higher the proficiency, the
greater the extent. Moreover, given declination level
of Mandarin was in fact larger than that of English, as
revealed by our data, the developmental trend on
declination of L2 English should not be a direct result
of L1 transfer, which has been the speculation of
previous research [5].

4. CONCLUSION
Previous studies had shown that the slope of the
learners’ English utterances was flatter than that of
the natives [5]. This study further showed that the
degree of declination positively reflects L2
proficiency. However, unlike what was previously
conjectured (cf. [5]), such a result could not have
come from negative L1 transfer, as Mandarin in
general showed a greater extent of declination than
English (also cf. [9]). More studies are needed to tease
apart possible interactions between declination level
and unit duration.
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ABSTRACT

duration and distribution. These aspects include the
syntax of utterances [10, 26], semantic contexts of
pauses [3, 23, 2], discourse factor [20, 22], and socioeconomic variables of the speaker [24]. Previous
studies often focused on the role played by single
factors in pause production, which limits the ability for research findings to generalize beyond experiment settings. We hope the patterns explored in this
paper can serve as a foundation for future theoretical and empirical research in questions related to
pauses.

Silent and filled pauses in spontaneous speech have
been extensively studied to test hypotheses about
language production. Here, we report results from
a corpus study of large collections of spontaneous
telephone conversations. We specifically examined
both durational and distributional properties of silent
pauses as functions of syntactic structure, sentence
length, semantic context, topic and socioeconomic
properties such as age, gender and years of education.
Our results partially support previous hypotheses
and empirical findings on this multivariate problem,
while offer further details to the interplay among the
multidimensional variables. It is hoped that our findings can serve as an empirical basis for future theoretical and probabilistic modeling of the structure
of conversational speech in both normal and clinical
populations.

2. DATA
We look at two corpora of telephone conversations
of English: the Switchboard [12] and Fisher corpus
[6]. A random sample of 640 conversations have
been selected from Switchboard (about 80 hours of
speech), while a stratified sample by conversation
topics have been extracted from Fisher. The Fisher
sample contains one tenth of the full collection, corresponding to 1119 two-person conversations from
2069 speakers. The total amount of speech in this
sample is about 180.5 hours with about 3 million
words.
We select two different sources in this study
mainly because the two corpora provide information suitable for answering specific questions, and
the nature of the speech is comparable. For example, Switchboard has rich and accurate annotation
for POS tags and syntactic category, which comes
handy for answering questions related to the syntactic structure of utterances. However, clear indicator
for turn segmentation is lacking in this corpus, while
can be relatively easily reckoned from Fisher.
Silent pause is defined as within-turn pauses
in telephone conversations. Turns are identified
through the time stamps and side labels provided in
corpus transcriptions. Back channel talking is eliminated by removing short filler words and segments
that are shorter than four words. Using turn as the
smallest speech segmentation unit, rather than utterance, avoids the subjectivity of utterance identification. Silent pause identification is based on alignment results. An HTK based forced aligner is used

Keywords: Silent pauses, duration, syntactic semantic topic and socioeconomic effects
1. INTRODUCTION
As an integral part of human speech, silent and filled
pauses offer rich information about speech structuring and language production [21, 18, 7]. Efforts have been made to understand both where and
how pauses occur, and what are the consequences
of pauses (for example, [14, 17, 28, 25]). The volume and diversity of topics covered in silent pause
research suggest that better knowledge of the multivariate nature of pauses could be essential not only
in the study of the cognitive mechanism underneath
speech production, but also in applications such
as dialog systems and the assessment of clinical
speech.
In this paper, we aim to provide a comprehensive
overview of the variables that have been suggested
to correlate with silent pause production using a
dataset constructed from large corpora of telephone
conversations. We cover the aspects that have been
reported or hypothesized to have an effect on pause
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smaller constituents. A similar trend has been reported in [26], where silent pause duration is longer
before longer subsequent clause and higher boundary strength in Japanese. However, this trend is not
observed among pauses after the boundaries.

to align the sample from Fisher. The performance of
this aligner has been reported to be over 97% [27].
Pauses in Switchboard are found directly from the
time stamps provided in the corpus. 150 ms has been
used as the threshold to define silent pauses, which
is in between the threshold proposed by [8] and [13].
An examination of a small (100-turn) sample shows
that this threshold is able to capture the pausing phenomena while excluding silent intervals related to
other linguistic processes.

Figure 2: Frequency distribution of silent pauses
at different phrase boundaries

3. THE SYNTACTIC EFFECTS
In this section, we report results on the syntactic effects on silent pause frequency and duration distribution. We focus on three specific questions: What
is the effect of syntactic boundary on silent pause
distribution, what is the effect of turn length on silent
pause duration, and what is the effect of pause location in a turn on pause duration.

Figure 2 shows the frequency of silent pauses occurring near the boundary of the aforementioned
conditions relative to the total number of pauses in
the corpus. Silent pauses occur more often before a
sentence, compared to phrase and errors. However,
the relative frequency of silent pauses after phrase
and errors are higher than the frequency after sentence, as well as the frequency before phrase and
errors. This pattern suggests that pauses at different phrase boundaries may have different discourse
functions, or may reflect planning problems before
constituents.

3.1. Boundary effect

It has been generally agreed that the syntactic structure of utterances plays a role in both pause duration and likelihood of observing a pause [10, 17, 29].
Silent pauses are also more likely to occur adjacent
to other types of disfluencies such as filled pause
[23]. Therefore, we compare both the duration and
frequency distribution of silent pauses in three contexts: the boundary of a tensed phrase (TP, which is
referred to as sentence), the boundary of XP (such
NP, VP or PP, referred to as phrase) and the boundary of other disfluent segments (referred to as errors). The results are based on analysis of the sample
from Switchboard.

3.2. Length and turn-internal localization

In this section, we address the question of what is
the three-way interaction among turn length, silent
pause location and pause duration, where pause duration is the median duration of all pauses at the
same position of turns of same length. The stratified
sample from Fisher is used due to its convenience
for and high accuracy in reconstructing turns in conversations. Pauses following fillers are excluded.
In figure 3 below, the two axes on the horizontal surface indicate the location of pauses in a turn
counted from the beginning (the front axis) and end.
The diagonal lines in the surface square indicate the
length of the turn, all measured by the number of
words. Therefore, the longest diagonal (i.e., the
front-most boundary of the surface) represents the
median pause duration at all possible positions in
turns longer than 5 words and capped at 20 words.
Two general trends can be observed from figure
3. First, pauses in very short turns are longer, especially for turns that are only 5 to 6 words long. Second, long pauses are primarily located toward the

Figure 1: Silent pause duration at different phrase
boundaries

(a) Before boundaries

(b) After boundaries

Figure 1 shows the density estimation for pause
duration in the three conditions. It can be noticed
that the distribution is very skewed, approximating
a Γ distribution rather than normal. The center of
the distribution is also shifted towards the right for
pauses before sentence and errors when compared
to phrase. This suggests that pauses are longer
before larger syntactic units and disfluencies than
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treat each "pause label" as words, and apply Latent Semantic Analysis (LSA), implemented using
word2vec [19]. The full in-sample transcripts are
used for training, as filtering out stop words may
lose too much information that might be critical for
conversational speech. The model is trained with a
window of ±5 words, and word-word vectors are
reduced to 100 dimension dense vectors. Metrical
Multidimensional Scaling (MDS) is used to project
clusters in word-vector space onto a 2D plane. Two
variants of filled pause, "uh" and "um", are also included in this pause analysis as reference points.

Figure 3: The surface plot of median silent pause
duration, turn length and pause position in a turn
(measured by the number of words)

Figure 4: Word embedding for different pauses
projected in 2D

end of a turn. This trend can be noticed from the
uphill of the surface from the front-right corner towards the back. In addition to the effects of syntactic phrasing as discussed above, figure 3 suggests the
existence of other discourse structuring functions of
silent pauses in spontaneous conversations.
Figure 4 shows the clustering result. A clear separation between silent and filled pauses can be observed along the first principle coordinate. The second principle coordinate appears to track the continuous change from short to long pauses, with clear
gaps between "long pause" and other pause categories. A secondary separation between mid-long
pause and mid and short pauses can also be argued.
Interestingly, in the second principle coordinate, the
separation between "um" and "uh" parallels with the
separations along pause duration. It can be argued
that the filled pause "um" shares certain similarities
with longer silent pauses in terms of its semantic
contexts. Similar argument can be made for "uh"
and shorter pauses. However, the semantic correlates for silent and filled pauses are still rather different. Our follow-up work will look at the exact
semantic contexts for different pause categories in
more detail.

4. SEMANTIC EFFECT
The semantic information has been thought to reflect the lexical access process during speech production. Previous research generally suggests a relation between higher frequency and longer duration
of pauses in semantic contexts that are more complex, rare and unexpected [2, 23]. With this relation
in mind, here we ask if the semantic context can be
useful in distinguishing different pauses.
We categorically define four types of silent pauses
based on the overall distribution of pause duration in
our corpora, with reference to [29, 5, 4]’s work on
overall pause duration distribution. The thresholds
for four types silent pauses are shown in table 1. A
2000ms upper bound is applied to exclude potential
non-turn-internal pauses and other pausing phenomena. The results are based on joint Switchboard and
Fisher sample.
Table 1: Definition of types of silent pauses

pause category
short pause
mid pause
mid-long pause
long pause

5. TOPIC AND SOCIOECONOMIC EFFECTS

criteria (ms)
150 ≤ pause < 400
400 ≤ pause < 600
600 ≤ pause < 800
800 ≤ pause < 2000

Discourse and speakers’ idiosyncratic features have
also been treated as influencing factors in disfluencies. It has been reported that academic field could
affect the fluency of college lectures [22], and intelligence score correlates with the fluency of verbal
communication [9]. More attention has also been
paid to filled pause distribution, such as [1, 11] Here,

To uncover the latent semantic dimensions that
can capture the lexical context for pauses, we
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we report our regression analyses on the effects of
conversation topic, speaker age, gender and years of
education on the rate and duration of silent pauses
using the Fisher sample.

5.3.1. Effects on silent pause rate
Among the predictors of interests, only topic shows
significant effect on the rate of silent pause (p =
.000, F = 4.733, DF = 16, 2171). This result suggests that certain conversation topics are likely to induce more pauses in the dialog. However, the rate of
silent pauses in conversations is not dependent upon
speaker-specific features.

5.1. Model specification

We use median regression to probe the relation between pause rate and duration, and topic and speaker
features. Median regression is considered more appropriate due to the highly skewed distribution of
pause duration and frequency.

5.3.2. Effects on silent pause duration
In this model, topic (p = .0003, F = 2.707, DF =
16, 2171), education (p = .0055, se = 0.636, β =
−1.766) and sex × accent (p = .000, F =
15.405, DF = 3, 2171) show significant effects on
median silent pause duration. dialect is marginally
significant (p = .062, F = 1.926, DF = 7, 2171)
if .05 threshold is chosen. Together with the
previous model, we see that the broader contexts
of conversations, which is proxied by topic in the
model, affect both the frequency and duration of
silent pauses. In addition, speaker’s accent and its
interaction with gender also have effects on pause
duration, but not frequency. Speaker’s education
level is also suggested to affect pause duration.
The two regression models confirm the hypothesis that broader conversational context could impact silent pause production, in terms of both pause
frequency and duration. On the other hand, certain
speaker-specific features only affect pause duration
but not frequency. The exact interactions among
these variables warrant further investigation.

Two models are explored, with per-speaker median silent pause frequency, measured as the number of silent pauses per turn, and per-speaker median
silent pause duration, measured in millisecond, as
response variables respectively. Explanatory feature
space has been constructed to include predictors that
can as exhaustively explain the variance in response
variables as possible to minimize the potential endogeneity caused by unobserved effects. Thus, we
consider the following set of predictors as shown in
table 2.
The total number of observations for regression
analyses is 2238. Since in cases where a same
speaker participated in several conversations, the
topics are distinct, repeated observations of same
speakers are not collapsed.
Table 2: Explanatory variable list in regressions

predictor
utterance length
topic
dialect
education
age
gender
sex × accent

value
average no. of words per turn
assigned topic in conversation
speaker’s dialect background
self-reported yrs. of education
speaker age in conversation
gender identified by voice
accent: American or not

6. CONCLUSION
In this paper, we mainly reported results from
a preliminary exploration of linguistic and socioeconomic effects on silent pause duration and frequency distribution. This exploratory corpus analysis provides further details to the existing knowledge about the relationship between pause duration,
speech length, and syntactic structure. We also
demonstrated that the semantic contexts can be informative about the length distinction among silent
pauses. A parallel between silent and filled pauses
can also be drawn in this manner. Broader discourse
factors, such as topic, and speaker features may also
play a role in the making of silent pauses.

5.2. Feature generation

The original 40 topics are collapsed to 17 based on
the cosine similarity between pairs of conversation
contents. Dialects are inferred from the state of origin of speakers and regrouped to seven major American English dialects, plus Canadian and foreign accents.
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ABSTRACT
Prosody represents the heart of poetry and this is
confirmed by the large amount of studies conducted
in many related research fields. Nevertheless, if we
consider the Italian references, the crucial role
played by prosody in the poetry readings received
very little attention. This paper aims to present the
results of a comparative study based on the reading
by different speakers (such as contemporary poets,
radio speakers, modern and historical actors) of free
verse poems (belonging to a collection of
contemporary and modern Italian poetry readings
currently underway). The acoustic analysis allowed
to study the interaction between the prosodic
features and the poetic text. Among the main
outcomes, we observed a variable positioning of the
prosodic boundaries depending both on the
speakers’ preferences and the layout constraints. A
connection between different rhythm and intonation
strategies employed by the speakers has also been
identified.
Keywords: poetry, intonation, Italian, voices of
Italian poets, prosody of poetry
1. INTRODUCTION
The reading of poetry is one of the less studied
aspects of Italian studies, as Fortini [8] and Beccaria
[1] reported. As well as important and traditional
Italian metric studies, we can also find quantitative
stylistic methods from the Italian metric tradition. A
significant amount of works, dedicated to the
intonation of the poetic verse with a phonetic and
experimental approach, has been developed for other
languages thanks to Crystal [5], Fónagy [6] [7],
Pamies Bertrán [17] [18]. We also mention the
recent works of Mistrorigo [16], MacArthur et al.
[14] and the German project Rhythmicalizer [15],
inspired by Hartmann [9], that considered the free
verse not metrically but prosodically. In the field of
Metric Phonology, instead, we can mention
Liberman & Prince [12], Hayes [11], Halle &
Vergnaud [10], Nespor [13] and others whose
contributions rely on more theoretical aspects.
Experimental studies on Italian poetry reading are

still very limited: an exception is the work of Schirru
[21].
Considering a specific and general approach,
based on a traditional distinction made by Cohen [3]
between an expressive and an inexpressive way of
reading (connected to the monotonous nature of the
verse), Italian scholars such as Beccaria and Fortini
expressed different views about this general
bipartition of the reading style. In particular, the
plane modern way of reading poems is considered
closer to the rhythmic nature of poetry by Beccaria,
whereas for Fortini this type would not be
inexpressive but a particular kind of expression.
Usually scholars speak about execution, whereas in
this work we will prefer to use the word
interpretation, looking at the relationship between
text and voice as the link between composition and
interpretation in music. Besides, we will not use the
subjective expressive or inexpressive and we will not
want to be normative, selecting a “right” way of
reading.
In this paper we present an extract of a first
experimental work [4], focused on the reading of the
Italian poems through an instrumental phonetic
approach. This research arises from Beccaria’s
studies on the rhythm of prose and will concentrate
on a comparative analysis of some readings of the
same poem.
This is part of a larger work, merged to an online
vocal archive that includes Italian poetry readings by
authors of the XX c. and contemporaries, together
with professional speakers. The platform allows to
have two main approaches: a comparative look,
enabled by the numerous readings of the same text
by different readers (other poets, actors, radio
speakers, voice actors), and a specific analysis,
focused on the single author and his way of reading.
Our hypothesis is that experimental analysis of
acoustic variables may reveal different readings
styles, especially considering the prosodic
boundaries, the intonation choices and the emerging
rhythmical patterns. Furthermore we aim at
observing the behaviors of the speakers in front of
the rhetorical apparatus of the poem with the
constraints of an underlying free-verse structure. A
particular attention to these levels of organization is
promising, since an account of speech rhythm
perception depending on pitch patterns has been
proven by Romano [20], relying on Bertinetto [2].

2. DATA AND METHODOLOGY
2.1. Data

In this section we will present the data considered
for this qualitative and quantitative analysis. The
present work is grounded on a comparative
approach, in order to better understand the dynamics
of Italian poetic reading in a pilot study of data.
For this study we used a small corpus based on a
representative poem of the Italian poet Giorgio
Caproni, written in form of prosopopoeia, useful
because of its characteristics that make it well
connected to everyday speech. We checked the
author’s original readings and we considered his
interpretation of the Congedo del viaggiatore
cerimonioso, preserved in and procured by
Discoteca di Stato ICBSA. Later, we collected
eleven other recordings of the same poem: we chose
different voices at a professional and diachronic
level (poetic, radio, acting speakers). In particular,
the voices were those of six contemporary poets,
three men (Claudio Damiani, Davide Rondoni,
Gianfranco Lauretano), and three women (Paola
Loreto, Stefania Negro, Ida Travi); two radio
speakers and poets (Irene Santori, Laura De Luca)
and three actors (two contemporary actors Alberto
Rossatti, Roberto Herlitzka, and an old recording by
Achille Millo). Eight of these recordings have been
personally collected, whereas the remaining three
belong to two CDs and one vinyl. All the audios
were normalized and converted to the same wav
format. We started from Giorgio Caproni’s audio
file, extending then the observation to the other
voices.
2.2. Method

2.2.1. Data segmentation and annotation
For this study we used PRAAT software to
display acoustic variables and create different tiers
of segmentation, annotation and labeling.
Listening to longer and shorter segments has
been the starting point of the analysis, combined
with the observation of pitch, intensity and
spectrograms, even though only f0 curves were
considered for the comparisons. The sound data has
been considered always related to the text and the
analysis has been conducted by comparing different
realizations of the same textual chunks.
We created four levels of annotation for each
recording: a verse tier (corresponding to the verse, as
written in the text), an utterance tier (corresponding
to the prosodic curve), an intonation tier (for the
curves as perceived) and a tone tier (for the tone
units). We used an orthographic annotation and a

label system [19] to describe the behavior of the
curves in specific cases. At the same time we opted
for a prosodic subdivision on the text (using slashes
for terminal and non-terminal boundaries).
2.2.2. Terminology
The study required the creation of a specific
terminology, necessary to distinguish this specific
approach from the methodology used by metricists.
For example, we used the expression verso-curva
that means “curve-verse” when an intonation unit
coincides with the written verse. Furthermore we
called parola ritmica (“rhythmic word”) the
emerging element in the prosodic continuum, that is
the place where the reader concentrates his/her
attention and energy.
2.2.3. Central focuses
After a detailed and global observation of the
intonation curves and the boundaries segmentation,
we calculated the number of verso-curvas in
different readings, in relation to the text. This step
was necessary to show the prevalent discordance
between the oral production and the writing.
Besides, we observed more in detail some aspects,
like the rhetorical apparatus of the text and the most
representative cases of convergence and divergence.
We examined in depth the ways of producing the
enjambments in one stanza of the poem and the
performing choices of some parts, relevant at a
prosodic and rhetorical level, like two verses of the
eighth stanza. In relation to this, we produced
comparative graphs where vocal segments of the
melodic portions were highlighted. These have been
obtained through freely available scripts for Matlab.
Finally, we also identified a rhetorical system of
prosody, that will not be discussed in this paper.
3. RESULTS
3.1. General results

After a careful observation of the difference
between prosodic and metric subdivision and the
possible rhythmic and melodic interpretative
modalities of reading, heterogeneous data fitted a
more general system of convergences.
In this normative system two prevailing
tendencies have been identified at a melodic level: a
homogeneity of the frequency trend (plane), at least
apparently (see Beccaria [1]), in some poets
(Damiani, Loreto, Travi, Santori) and a variety of
melodic movements in others (Caproni, Rondoni,
Lauretano, Negro, De Luca, Rossatti, Herlitzka,
Millo). Recurring melodic movements on a selection

of parola-ritmicas, closely related to the identified
intonation schemes, allowed us to consider the
existence of specific rhythmic and melodic patterns.
They animate the free-verse composition both in
homogeneous and in varying intonation.
Some prevailing tendencies of prosodic
segmentation have been found: a metric way for
poets and the elder actor, a syntactic subdivision for
Caproni and female poets, a “syntactic-metric”
approach for professional voices. We specify that we
use the word “metric” relating to the way of reading
that follows the verse as written on the text. In this
way the intonation curves correspond to the verse
and we find large numbers of verso-curvas. On the
other side, the syntactic way is a reading style that
follows the punctuation and the normal logicsyntactic structure of the text, overlooking the layout
constraints. The syntactic-metric manner connects
both the approaches, focusing on the more general
scheme of punctuation, in relation to the metric
structure. It appears constituted by different-length
curves, that can include until six verses, produced by
radio speakers.
In depth we also observed the presence of
recurring clichés. We take as an example the
author’s reading mode, that is distinguished for his
final rising tendency.

3.2. The enjambment

As we found out, also the textual rhetorical
system, and particularly the enjambment, presented
quite stable execution rules. Paying attention to the
fourth stanza of the poem, the author doesn’t realize
it by pausing in four occasions but he reads in a
syntactic way. We report some graphic evidence in
the following figures.
Figure 3: Praat window of Giorgio Caproni’s
behavior in front of enjambment

Figure 4: Praat window of Giorgio Caproni’s
behavior in front of enjambment

Figure 1: Praat window of Giorgio Caproni’s
typical melodic solution

On the contrary we also found a fairly flat
intonation mainly among the poets (male and
female). This is particularly evident in a portion of
an intonation curve in Claudio Damiani’s reading
shown in Fig. 2.
Figure 2: Praat window of Claudio Damiani’s
plane melodic trend

From a general comparison we also found that
both metric and syntactic/syntactic-metric readings
merged to the same choice and do not make use of
enjambments through pauses (see Caproni, Damiani,
Lauretano, Loreto, Negro, Travi, Rossatti, Herlitzka)
or, as an alternative, reduced their production. In
very few cases they chose to read the enjambment
pausing, as indicated in the poem (e.g. Rondoni and
Millo). However, a peculiar way of producing it has
been found (particularly in Loreto and Millo): a
local lengthening on the stressed and final syllables
of the verse is achieved with higher f0 values that
raise a temporary sense of suspension without any
silent pause.
Looking at the interpretation of the fourth stanza
by the contemporary poets, we identified a prevalent
organization that can be summarized in the evidence
of phonic chains including a number of syllables
from ten to twelve. Except for Rondoni, this choice
is common to the author’s reading. Inside of these
curves many variations emerge, e.g. in duration,
melodic movements and stresses, causing different
perceived pragmatic results and stress sequences.

Even though an inner variation could appear, a
general norm is nevertheless evident.
3.3. Some comparisons

Considering two verses of the eighth stanza (vv.
83-84), Congedo alla sapienza / e congedo
all’amore, we created comparative graphs. They
appear peculiar for their construction and their
prosodic realization: we discovered some general
convergences and divergences in the organization
and presentation of the units and the specific
segments.
Starting from the boundaries segmentation, three
main ways of subdivision have been identified: the
prevalent partition in two independent verso-curvas;
the three-component structure, composed by a
broken-verse and a complete verso-curva; the fourcurve pattern, based on the division of both verses in
two units.
We chose to group similar segmentation choices
in graphs that could highlight their common
behavior and distinguish the particular differences in
the single vocal segments. A description is shown
below, concerning the first type.
A comparison between Caproni, Millo, Damiani
and Herlitzka, that divide into two verso-curvas the
intonation, appears as a significant example of
convergence that has some divergences. As a matter
of fact, if all these readings use the same way of
splitting the verses, we can also note that the first
curve of Caproni is detached from the others,
looking upper, rising on the stressed syllable of
sapienza and bending down on the last syllable. On
the contrary, the author realizes the second curve in
a middle range, whereas the other three readers
differ. Besides, the actor Herlitzka uses a lower level
of frequency twice.
Figure 5: Graph of four pitch curves by Caproni
(1), Millo (2), Damiani (3) e Herlitzka (4):
Congedo alla sapienza / e congedo all’amore

As regards the realizations of two female
voices, in spite of a common positioning of
boundaries,
quite
different
contours
characterize these readings. After a similar
beginning (Congedo alla sapienza), a
different movement appears on the final

stressed and post-stressed syllable of the first
intonation group. On the contrary, the second
unit presents a very detached start and,
consequently, the continuation of the melodic
trend appears on a different pitch level.
Figure 6: Graph of two pitch curves by De Luca
(1) and Loreto (2): Congedo alla sapienza / e
congedo all’amore

Other graphs show a convergence in local
movements and the global tone level, as shown
by the comparison between Travi and Santori.
Figure 7: Graph of two pitch curves by Travi (1)
and Santori (2): Congedo alla sapienza / e congedo
all’amore

4. CONCLUSION
The study highlights many variables of
phonetic performance of poetic composition. It
reveals much of the inner structure and content of
free-verse poem, together with a common hidden
structure of the text that may connect different
readings. A diachronic level separates the
author’s declamatory reading (paying more
attention to the punctuation, in a strictly
syntactical mood) from the contemporary poets’
interpretations (more concentrated on the verse).
The historical metric reading of the actor, who
was also the dedicatory of the poem, is
distinguished from those of contemporary voices.
A general system has been identified, associated
with a different positioning of prosodic
boundaries and in the possible production of
enjambment. This allowed us to identify general
categories in poetry reading, together with a rich
and specific variety, depending on professional
constraints and personal choices.
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ABSTRACT
Politeness is often described as being prosodically
cued through higher F0, as per the Frequency Code
premises [12‒14, 21, 25], and a slower speech rate
[10, 11, 15, 16, 18, 20, 23, 27]. In Porteño Spanish,
opposite findings [2, 6, 8] regarding whinterrogatives’ pitch contours were attributed to a
mark of politeness.
The analysis of 280 wh- interrogatives produced
by nine speakers of Porteño Spanish, within
colloquial and polite contexts, allowed us to
determine that politeness does not actually favour
higher F0. On the contrary, politeness is expressed
by F0 mitigation through lowered overall pitch and
reduced span. Our results also refute [26]’s
hypothesis that interrogative adverbs would make
utterances containing them more sensitive to
politeness. In Porteño Spanish, adverbs do not pilot
rising terminal contours to signal politeness. As for
syllable durations, lengthening did not occur and
speech rate kept constant in our corpus in the polite
condition.
Keywords: wh- interrogatives, politeness, prosodic
mitigation, terminal contour, Porteño Spanish
1. INTRODUCTION
In Spanish, the intonation of wh- interrogatives has
been described as roughly corresponding to that of
declaratives [1, 6, 22, 24]. More specifically, [2] and
[8] explain that wh- words typically start the
utterance carrying a high or rising accent (e.g. H* or
L+H* in the ToBI system [7]), and the end of the
interrogative is characterized by a progressive
falling contour with the nuclear accent L* followed
by an L% boundary tone. Yet, a rising final contour
is reported by [19, 22] to soften the interrogation and
make it sound polite. Recent studies on Porteño
Spanish prosody [2, 6, 8] have obtained
contradictory results regarding wh- interrogatives’
terminal contours. [2] and [8] have found that falling
terminal contours were the most commonly used,
whereas for [6] it is the rising ones. [8] suggested
that H% might be predominant in oxytonic final
words but also made various suggestions to explain
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these discrepancies: the lack of context in [6]’s
study, different pragmatic goals (such as information
seeking, inviting, criticizing, etc.) or the absence of
control of sociolinguistic variables in all of the three
studies. [6] also point out differences in the tasks
proposed to the speakers: repetition of utterances in
their study, reading out loud for [2] and semispontaneous speech for [8]. The latter is recognized
by [15, 26] as possibly enhancing intonation and
making it more discriminant among contexts.
In her study of the prosody of wh- interrogatives
in Colombian Spanish, [26] also considers rising
terminal contours as polite and further states that the
grammatical category of the wh- word could be of
influence. Specifically, adverbs seem to be capable
of making the interrogatives containing them more
sensitive to colloquial than polite contexts.
As for politeness, the separation line with formal
speech is blurry and both terms are frequently
employed as synonyms. [17] connects these notions,
stating that the use of formal forms creates a formal
atmosphere where participants, being kept away
from each other, avoid imposition. Thus, to create
this formal atmosphere is to be polite. This
conjugated effort of preservation corresponds to the
facework [4, 9] that participants put into place in
face-threatening acts. A way to achieve this ‒ apart
from the use of adapted vocabulary and syntax, for
example ‒ is through prosodic modulations, whose
origins could be biological. The Frequency Code
[12, 21] believes that the prosodic colloquial vs
polite forms are based on a morphological-acoustic
correlate: the bigger the larynx, the lower the pitch.
This leads to a universal biological code, which
associates high frequencies with submission and low
frequencies with domination. [12] then extrapolates
from this a paralinguistic meaning with an affective
interpretation of these parameters: namely,
friendliness and politeness are associated with
‘submissiveness’ and a higher pitch.
[15] compiled studies in various languages in
favour of the Frequency Code (like [13] in Catalan,
[14] in Peninsular Spanish and [25] in Japanese).
However, they also list many others against it. For
instance, [10] found that despite individual
differences among speakers, average F0 measures

seem to be lower in the formal register condition in
German. In Korean as well, low pitch rather than
high pitch was used to mark a polite register when
addressing a person of superior status or age [27].
[15] and [16]’s studies in Catalan also show F0
mitigation (i.e. the lowering of the overall pitch)
happening in polite speech.
As far as the other prosodic cues are concerned, it
is reported that politeness is expressed in particular
by a slower speech rate. This phenomenon has been
consistently described [10, 11, 15, 16, 18, 20, 23,
27] with no contradictory result so far.
In this paper, we present the results of a pilot
study on the prosodic expressions of politeness in
wh- interrogatives in Porteño Spanish. In particular,
we aim to determine whether, in accordance with the
Frequency Code, the polite context favours the
rising pitch contours at the end of wh- interrogatives
as suggested [6, 19, 22, 26] or whether the wh- word
category [26] and the stress pattern of the final word
[8] play a role in the selection of the terminal
contour. In addition to these local properties, we also
investigate overall F0 and temporal characteristics of
the wh- interrogatives such as the average pitch, the
pitch range and syllable duration.
2. METHODOLOGY
2.1. Participants

Nine speakers of Porteño Spanish (5 females, 4
males; mean age 42.1, minimum 20, maximum 58)
were recorded. They were all educated, either
through academic studies or professional training.
2.2. Materials

The materials consisted in a corpus of 32 whinterrogatives equally divided between a colloquial
and a polite context, with each of these employing
the same number of adverbs and pronouns.
According to the Diccionario de la Real Academia
Española [5], interrogative adverbs are cómo (how),
cuándo (when), dónde (where) and por qué (why),
and interrogative pronouns are cuál (which), cuánto
(how much/long), qué (what) and quién (who). As
for the stress pattern of the final words, the balance
of (non-)oxytonic final words was roughly the same
for each wh- word and formality condition.
The utterances were contextualized in order to
carry a colloquial or polite value. The examples in
(1) and (2) show discourse contexts encoding a
colloquial situation and its polite correspondent,
respectively, to elicit the target sentence (TS) ¿Cuál
me queda mejor? (Which one suits me better?).

3389

(1) Te vas de fiesta y no sabes qué chaqueta
ponerte, dudas entre dos. Se las enseñas a un amigo
y le preguntas: TS
(You’re going to a party and you’re thinking
about which jacket to put on, you’re wavering
between two. You show both of them to a friend and
ask him: TS)
(2) Está en una tienda probándose trajes/vestidos
para un casamiento. Le pregunta al vendedor: TS
(You are in a shop trying on a dress/suit for a
wedding. You ask the shop assistant: TS)
Two of the three pragmatic factors of [15] were
implemented in the discourse contexts presented to
the participants: the social distance between the
interlocutors and their relative power. The third one,
the cost of the action, does not present any
opportunity to be tested using wh- interrogatives.
2.3. Experimental procedure

The speakers were recorded in Buenos Aires,
Argentina. The recordings took place in quiet rooms
with a Zoom H1n microphone, in stereo at 24-bit/48
kHz and with a saturation limiter activated.
Each speaker was presented with plasticized
cards in different randomized orders, containing a
TS introduced by the description of the context. To
avoid boredom and fatigue, only half of the corpus
was offered to each of them. This represented one of
four TSs introduced by an adverb and one of four of
those introduced by a pronoun, induced in the
colloquial context ‒ which was always offered first ‒
and then their eight polite correspondents.
Participants were invited to ask any question that
would be necessary to clarify the contextualization.
The readings were systematically repeated once in
order to discard possible faulty ones. In the end, 280
utterances were exploitable.
2.4. Labelling, measurements and quantitative
analysis

The TSs were segmented and labelled using Praat
software [3]. They were manually segmented into
syllables and an F0 measurement was taken at times
⅓, ½ and ⅔ of the duration of each syllable. From
these measurements, the following data were
established for each entire wh- interrogative/TS:
1. average pitch, min and max F0 values in Hz;
2. F0 value on the middle of the stressed syllable of
the wh- words;
3. F0 value at the end of the TSs, which represents
the F0 target of the final boundary tone of the
sentence;

4. pitch range in semitones (ST) defined as the
difference between the max and min F0 of the
TSs (the min F0 was taken as the reference
value);
5. syllable duration of the wh- words and of the last
two syllables of the TSs;
6. speaking rate over the entire TSs defined as the
duration of the interrogation divided by the
number of syllables.
As for the pitch contours, they were annotated in
an independent tier following [7]’s Sp_ToBI
annotation system, as shown in Fig. 1:
Figure 1: Illustration of annotations for the TS
¿Dónde dejo el vino? (Where should I leave the
wine?), in colloquial context and introduced by an
adverb.

3. RESULTS
3.1. Nuclear pitch configurations

Each nuclear pitch configuration (NPC), i.e. the
nuclear pitch accent plus boundary tone(s) for each
wh- interrogative, was annotated. Table 1 below
presents the distribution of the NPCs in the two
formality conditions. It also includes the
grammatical category of the wh- word to establish
this distribution.

condition and 72.1% in the polite one). Slightly
more L* L% occurred in the polite context but this
difference cannot be considered significant. Overall,
the falling NPCs (i.e. those consisting in a pitch drop
at the end of the sentence) clearly outnumber the
rising ones, which end with a slight (L* M%) or a
steep F0 rise ((H)H%): there is 73.6% of falling
NPCs vs 26.4% of rising NPCs in the colloquial
condition and 79.4% vs 20.6% of each contour type
in the polite one. The results thus indicate that the
politeness condition does not favour a terminal
rising pitch.
The grammatical category of the wh- word does
not have any influence either over NPCs. Table 1
shows that interrogative adverbs and pronouns
generate equivalent quantities of rising contours in
both formality conditions.
With regard to [8]’s (p. 290) claim that H%
boundary tone typically occurs in questions ending
in oxytonic words, the overall results do not seem to
support this finding. As can be seen in Fig. 2, the
distribution of the boundary tones is quite similar at
the end of the oxytonic and non-oxytonic words.
Nevertheless, if one puts aside the predominance of
L% and considers the cases where speakers have not
chosen the L% tone, there seems to be a preference
for the (H)H% categories at the end of the oxytonic
words (17.6%/22.9%=76.9%), while the M% seems
to be preferred with non-oxytonic words
(15.7%/23.6%=66.5%). However, it is not yet
possible to conclude because of insufficient data.
Figure 2: Distribution of the boundary tones
depending on the (non-)oxytonicity of the final
word.

Table 1: Inventory of NPCs within colloquial and
formal contexts in % and actual number;
“Adverbs” and “Pronouns” indicate the category
of the wh- word.
COLLOQUIAL

Rising NPCs

Falling NPCs

Adverbs
L* L%

Pronouns

Total

POLITE
Adverbs

Pronouns

Total

%

N

%

N

%

N

%

N

%

N

%

N

29,2%

42

34,7%

50

63,9%

92

34,6%

47

37,5%

51

72,1%

98

H+L* L%

2,8%

4

0,0%

0

2,8%

4

2,2%

3

1,5%

2

3,7%

5

other L%s

2,8%

4

2,1%

3

4,9%

7

3,7%

5

0,0%

0

3,7%

5

H* M%

1,4%

2

0,7%

1

2,1%

3

0,0%

0

0,0%

0

0,0%

0

L* M%

4,2%

6

5,6%

8

9,7%

14

3,7%

5

1,5%

2

5,1%

7

L* (L)H%

1,4%

2

0,0%

0

1,4%

2

2,9%

4

1,5%

2

4,4%

6

L+H* H%

5,6%

8

3,5%

5

9,0%

13

2,9%

4

2,9%

4

5,9%

8

L+H* HH%
Total

2,8%

4

3,5%

5

6,3%
9
100,0% 144

2,9%

4

2,2%

3

5,1%
7
100,0% 136

The distribution of the NPCs is similar in
colloquial and polite contexts. More specifically, L*
L% is the most widely used contour in both
formality conditions (63.9% in the colloquial
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3.2. Overall pitch characteristics of wh- interrogatives

Table 2 below presents the mean F0 and standard
deviation (SD) for the six pitch values defined in
2.4. in the two formality conditions. The table also
contains the results of a series of mean comparisons

(t-tests). For these measurements and mean
comparisons, we have selected only TSs that were
strictly identical (indeed, some TSs had to be
formulated differently according to the context to
ensure coherence and authenticity). This amounted
to 134 utterances in each context.

Inter. (s)
Fin. (s)
Syllables (s)

Table 2: Mean F0 and standard deviation (SD) for
the 6 pitch values defined in 2.4. in the two
formality conditions. “Inter.” and “Fin.” refer to
the F0 value on the wh- word and to the final
boundary tone of the TSs, respectively. The table
also includes the results of a series of t-tests (the
degrees of freedom are 133 in all cases)
Colloquial

Polite

Colloquial
Mean
SD
0,253
0,101
0,472
0,125
0,174
0,04

Mean
0,262
0,465
0,176

Polite
SD
0,112
0,121
0,041

T-test results
t
p
-1,578
0,117
0,884
0,379
-0,758
0,45

4. DISCUSSION AND CONCLUSION

T-test results

Mean

SD

Mean

SD

t

p

Average pitch (Hz)

199.00

72.18

187.84

63.70

5.822

< .001

Min. (Hz)

142.24

48.75

136.30

43.75

3.416

< .001

Max. (Hz)

271.17

106.52

251.05

95.22

5.346

< .001

Inter. (Hz)

244.66

92.56

226.36

83.12

5.216

< .001

Fin. (Hz)

162.16

74.51

149.44

57.46

2.944

0.004

10.79

3.24

10.26

3.59

1.795

0.075

Pitch Range (ST)

Table 3: Mean duration in seconds of the wh- word
(“Inter.”), the last two syllables of the TSs (“Fin.”) and
the syllables over all the TSs (representing the
speaking rate) in the two formality conditions. The
table also includes the results of a series of t-tests

As can be seen, in the polite condition, all F0
values (average pitch, min, max, Inter. and Fin.) are
significantly lower (p<0.001, p=0.004 for Fin.) than
those in the colloquial condition. This suggests that
F0 mitigation in the polite context affects the whole
wh- interrogative and not a specific contour or word.
The only non-significant difference between
contexts is the pitch range, which corroborates the
idea that it is the overall F0 pattern of the sentences
that is lowered in the polite context.
As regards the location of the F0 maxima, [24]
(p. 216) pointed out that the highest peak tends to
coincide with the wh- word (interrogative pronoun
or adverb), although not necessarily with its
accented syllable, without dialectal distinctions. In
Porteño Spanish, the results show that the F0 max is
not located on the stressed syllable of the wh- word
in most cases. This may well be a case of late tonal
alignment (as in Fig. 1 with L+>H*), which will
require further investigation.
3.3. Syllable durations

Table 3 presents the mean duration of the last two
syllables of the wh- word and of the TSs in the two
formality conditions. It also gives the speaking rate
of the TSs (i.e. duration of the TS divided by the
number of syllables, cf. 2.4.).
Unlike the findings of [10, 11, 15, 16, 18, 20, 23,
27], Table 3 shows that politeness does not affect
either syllable duration or speech rate in Porteño
Spanish. No significant differences can be seen for
the mean durations between the two formality
conditions.
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In this paper we aimed to determine what the
prosodic manifestations of politeness are in whinterrogatives in Porteño Spanish. Our results show
that politeness has no influence on NPCs. Indeed, a
final L% occurs in the majority of the interrogatives
(more than 75%) no matter the formality condition.
This means that politeness does not favour high or
rising NPCs, contrary to [6, 19, 22]’s proposals. The
grammatical category of the wh- word has no
influence either on the NPCs, in contrast to [26]’s
allegation in Colombian Spanish; neither does the
stress pattern of the final word as claimed by [8].
As for global F0 values (average pitch, min and
max F0, Inter. and Fin.), mitigation occurs in all of
these parameters (except for the pitch range) in the
polite condition. Our results thus contradict previous
research and in particular the Frequency Code
premises, which predict that high or rising F0 is a
cue for politeness. They are in line with the studies
of [15, 16] for Catalan, [10] for German and [27] for
Korean, who also found that F0 mitigation occurred
in the polite condition.
Another robust prosodic cue for politeness
reported in earlier studies [10, 11, 15, 16, 18, 20, 23,
27] is a slower speech rate. Unexpectedly, we did
not find this tendency in our data. The duration of
the wh- words and that of the last syllables of the
sentences exhibit no significant difference between
the formality conditions. Likewise the speech rate
remains the same in both contexts.
Further research on wh- interrogatives’ prosody
in Porteño Spanish still needs to work out how
NPCs are chosen between rising and falling. The
location of the F0 max is of interest too, as it appears
that the F0 max is not aligned with the stressed
syllable of the wh- word in Porteño Spanish. Finally,
and as proposed by [15, 26], the present results
would benefit from being tested with a different
elicitation task, such as analysing (semi-)
spontaneous speech.
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ABSTRACT
Aiming at realizing adaptation to various speaking
situations by non-human newscasters in the future,
this study was conducted to clarify prosodic
characteristics in representative speaking situations.
Among various speaking situations, we focused on (i)
neutral manuscript readings, (ii) program
advertisements, and (iii) narrations. We analyzed
Japanese speech utterances by nine newscasters
belonging to a TV station. Analysis showed the
following results on prosodic characteristics for
different speaking situations; differences from neutral
manuscript reading were found in pause duration
(within-sentence: -123 msec, between-sentence: -353
msec), F0 (+4.4 semitones), and intensity (+5.9 dB)
for program advertisements, and in pause duration
(within-sentence: +206 msec, between-sentence:
+486 msec) and F0 (-2.0 semitones) for narrations.
Keywords: Prosodic characteristics, newscaster,
speaking situation, Japanese.
1. INTRODUCTION
In recent years, non-human newscasters, such as a
virtual newscaster “Ananova” in England and an AI
anchor “Xinhua” in China, using speech synthesis
technology have been appeared. In Japan, an AI
newsreader “Yomiko” is given as an example of
animation characters. An android “ERICA” has also
started to be active as a newscaster.
Human TV newscasters in Japan acquire skills at
announcement school, TV station, and so forth.
Training of vocalization and pronunciation required
for newscasters is conducted at this type of school. In
addition, they also acquire skills specific to various
speaking situations including news manuscript
readings, program advertisements, narrations, MCs,
and on-the-spot reports of sports.
At the moment, the speech by non-human
newscasters are monotonous. That is, they can not
deal with various speaking situations like human
newscasters. However, it is strongly desired by the
broadcasting industry including TV stations that nonhuman newscasters can speak naturally and
expressively like human newscasters.
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Several studies on speaking styles have been
carried out so far [1-7]. For example, some studies
have reported on the differences of prosodic
characteristics between spontaneous and read speech
[3-4]. Phonetic variations among several speaking
styles including news readings were analyzed in [5].
In the speech synthesis area, there are studies on
prosody of various speaking styles using newscaster
speech. For example, “interview”, “news”, and “live
sports” were handled as different speaking styles, by
using F0 and phone duration as prosodic features [6].
In [7], F0 features are controlled for synthesizing
different styles in “neutral”, “good” and “bad” news.
However, in such previous studies, the speaking style
categorization of newscaster speech and the prosodic
characteristics required for those categorizations are
not systematically clarified. Further, we consider that
the changes in prosodic characteristics for different
speaking styles differ depending on the language.
Therefore, aiming at realizing adaptation to
various speaking situations by non-human
newscasters, this study focuses on representative
speaking situations and intends to clarify prosodic
characteristics in those speaking situations. The
duration, F0 and intensity are treated as prosodic
characteristics. The global characteristics are
measured for the entire utterances except pauses, and
the local characteristics are calculated in each InterPausal Unit (hereafter, IPU) [8]. In addition, pause
duration is also treated.
2. MATERIALS
To reveal the characteristics for different speaking
situations quantitatively, the speech uttered by
newscasters was used as materials.
2.1. Speakers

The speakers are professional newscasters (20-50s,
female, nine people) belonging to “the Nippon
Television Network Corporation” which is one of the
major TV stations in Japan. Every speaker read the
same text contents.

2.2. Speaking situations

Among various speaking situations, we focused on (i)
neutral news manuscript readings (hereafter, NEU),
(ii) program advertisements (hereafter, ADV), and
(iii) narrations (hereafter, NAR). NEU is the default
speaking situation as a newscaster. These are
representative speaking situations which occur with
high frequency, so that the adaptation by non-human
newscasters to these speaking situations is strongly
expected by TV stations. The manuscripts of NEU,
ADV and NAR were indicated to be read in normal,
uplifting, and subdued styles, respectively.

Table 1: The manuscript composition and the speech
properties for each speaking situation.
Manuscript
Total
composition & number
Speech
property

Overall duration
including pauses
[sec]

Mora IPU

Speaking
situation

AVG SD MIN MAX

NEU:
neutral manuscript reading

218

11

20.8 3.7 13.9 14.8

ADV:
program advertisement

146

10

13.6 1.0 11.7 23.3

NAR:
narration

143

8

15.0 1.1 13.5 16.9

2.3. Reading manuscripts and corresponding speech
properties

Reading manuscripts, which were judged by a TV
station as being representative for each speaking
situation, were used for analysis. The NEU
manuscript was about a daily recommendation on
health management, the ADV manuscript was about
a special broadcasting of the 50th anniversary variety
show, and the NAR manuscript was about a visit of
the US President to Hiroshima, Japan. These reading
manuscripts have been used in actual TV
broadcasting. Table 1 shows the manuscript
composition and the speech properties for each
speaking situation.
3. EXTRACTION OF ACOUSTIC FEATURES
The duration, F0, and intensity in phoneme units were
extracted as acoustic features for analysis. In this
section, the overall statistics of the acoustic features
are presented for the NEU situation, which will be
used as reference to evaluate the differences to the
other speaking situations in Section 4.
The duration of each phoneme and pause was
automatically measured by “the speech segmentation
toolkit using Julius.” In this toolkit, speech is
segmented with 10 msec resolution. Table 2 shows
the distributions of the phoneme durations for each
speaker in the NEU situation.
For the pitch-related parameters, the F0 values
were estimated each 10 msec by a conventional
autocorrelation-based method [9]. All the estimated
F0 values were then converted to a musical (log) scale
before any subsequent processing. The following
equation was used to produce F0 values in semitone
intervals.
𝐹0[𝑠𝑒𝑚𝑖𝑡𝑜𝑛𝑒] = 12*𝑙𝑜𝑔2(𝐹0[𝐻𝑧])
Table 3 shows the distributions of F0 for each speaker
in the NEU situation.
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Table 2: Distributions of the phoneme durations for
each speaker in the NEU situation.
[msec]
Speaker

A

B

C

D

E

F

G

H

I

AVG

80

80

73

75

77

79

73

80

73

SD

64

53

36

38

37

41

47

44

37

MIN

30

30

30

30

30

30

30

30

30

MAX

AVG
77
30

730 530 170 280 270 260 450 300 220 357

Table 3: Distributions of F0 for each speaker in the
NEU situation.
[semitone]
([Hz] in parentheses)
Speaker
AVG

A

B

95

C

94

D

95

95

E

F

94

96

G
93

H
96

I
95

AVG
95

(246) (232) (247) (243) (221) (256) (217) (254) (246) (240)

SD

3.2

3.8

4.5

3.9

4.2

3.2

3.4

3.6

4.5

MIN

88

87

84

86

80

88

86

88

83

86

101 100 104 102 101 102 100 102 102

102

MAX

(156) (149) (127) (145) (101) (163) (145) (161) (122) (140)
(341) (322) (397) (353) (345) (353) (326) (364) (370) (352)

Table 4: Distributions of intensity for each speaker in
the NEU situation.
[dB]
Speaker
AVG

A

B

C

D

E

F

G

H

SD

9.5

8.8

9.2

8.7

7.5

MIN

7.2

9.1 10.8

9.0

5.6 10.8 15.1 14.1

MAX

I

AVG

42.4 40.9 40.2 40.5 38.2 41.6 39.4 48.9 41.2 41.5
9.5

8.2

9.0 10.3
6.4

9.8

60.7 58.9 61.0 60.7 52.8 59.8 54.0 66.6 61.8 59.6

The intensity of the speech signal was calculated
every 10 msec in dB. Table 4 shows the distributions
of intensity for each speaker in the NEU situation.

4. ANALYSIS OF PROSODIC
CHARACTERISTICS

Table 5: Distributions of pause durations for different
speaking situations and pause locations.

Global and local characteristics on duration, F0, and
intensity were analysed for the ADV and NAR
situations, in comparison to the NEU situation.

[msec]
Speaking
situation

ADV

NEU

NAR

Location

w-sent b-sent

w-sent b-sent

w-sent b-sent

Average

4.1. Pause duration

In a previous study, it is reported that the difference
in the average pause durations located withinsentence and between-sentence is significantly large
regardless of the speech rate [10]. Therefore, we
categorized pauses into these two groups in this study.
Table 5 shows the distributions of pause durations
for different speaking situations and pause locations.
T-tests confirmed that the pauses located betweensentence were significantly longer than those located
within-sentence, for all speaking situations.
For the same pause location, the pause duration of
ADV was found to be significantly shorter than NEU,
and that of NAR was significantly longer than NEU.
This result is consistent with the general impression
that ADV has a faster speech rate than NEU, and
NAR is slower than NEU [11-12].
4.2. Phoneme duration

4.3. F0

669

232

1,022

438

1,508

Significant difference
***: p < 0.001, **: p < 0.01, *: p < 0.05, ns: no significance.
Symbol w-sent: within-sentence, b-sent: between-sentence.

Table 6: Distributions of the ratios between the
average phoneme durations of different speaking
situations relative to the NEU situation, for each
speaker.
[%]
Speaker
ADV
NAR

The average phoneme durations in a speech segment
reflect the speech rate of that segment. We examined
if there is difference in phoneme duration between
different speaking situations. Table 6 shows the
distributions of the ratios between the average
phoneme durations of different speaking situations
relative to the NEU situation, for each speaker.
No significant differences were found by t-tests.
This result suggests that the general impressions that
ADV is faster than NEU and NAR is slower than
NEU may have been affected by the pause durations
rather than the phoneme durations (i.e., the speech
rate).

109

***|_______|*** ***|_______|*** ***|_______|***
***|____________________|***
***|____________________|***
***|____________________|***
***|____________________|***

A

B

C

D

E

I

AVG

101

99

91

99

98 104 108 105

F

92

100

ns

ns

ns

ns

ns

ns

ns

G
ns

H
ns

103

98

95 107

97

95 104

95

97

ns

ns

ns

ns

ns

ns

ns

ns

ns

99

Significant difference
***: p < 0.001, **: p < 0.01, *: p < 0.05, ns: no significance.

Table 7: Distributions of the average F0 differences
between the different speaking situations and the
reference NEU situation, for each speaker.
[semitone]
Speaker
ADV

A

B

C

D

E

F

G

H

I

AVG

3.3

4.7

4.4

3.6

4.1

3.2

5.9

5.4

5.0

4.4

*** *** *** *** *** *** *** *** ***
NAR

-2.7 -0.7 -3.3 -1.5 -1.4 -1.8 -3.2 -2.2 -1.3

-2.0

*** ns *** *** *** *** *** *** **
Significant difference
***: p < 0.001, **: p < 0.01, *: p < 0.05, ns: no significance.

The global characteristics of F0 across different
speaking situations were firstly evaluated. Table 7
shows the average F0 differences (in semitones)
between the different speaking situations and the
reference NEU situation, for each speaker. F0s in
ADV were higher than in NEU for all speakers; the
differences were on average +4.4 semitones.
Significant differences were observed in all speakers,
by t-tests. Conversely, F0s in NAR were lower than
in NEU for all speakers; the differences were on
average -2.0 semitones. Significant differences were
observed in all speakers except one, by t-tests. These
differences seem to be perceptually salient.
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The results in Table 8 indicate that F0s at the
sentence end (hereafter, s-end) were significantly
higher than those at the non-sentence end (hereafter,
non-s-end), for ADV. This reason is considered that
ADV is a bright program promotion aimed at
gathering attentions of the audience, and the
sentences with high F0s at the end of a sentence are
considered to be heavily used. Conversely, F0s at send was significantly lower than at non-s-end, for
NEU and NAR situations. This tendency is consistent
with the characteristics of typical Japanese
declarative sentences.

4.4. Intensity

Table 9 shows the average intensity differences (in
dB) between the different speaking situations and the
reference NEU situation, for each speaker. The
intensities in ADV were bigger than in NEU for all
speakers; the difference was on average 5.9 dB.
Significant differences were observed in all speakers
between ADV and NEU, by t-tests. No significant
differences were found between NAR and NEU, in
almost all speakers.
To examine the local characteristics, the
intensities in IPU level were computed. Table 10
shows the distributions of normalized intensity values
computed at the IPU level, for different speaking
situations and sentence locations, as in Table 8 for F0
values. On one hand, there was no significant
difference in ADV. On the other hand, intensity
values were significantly smaller at s-end in
comparison to non-s-end, in NEU and NAR situations.
Speaker B was the only newscaster showing a
significant difference between the intensities in NAR
and NEU. Conversely, speaker B was also the only
one showing no significant differences between the
F0s in NAR and NEU, as shown in Table 7. In other
words, it is possible to interpret that only this speaker
tends to express the difference of NAR from NEU by
controlling intensity instead of F0. This kind of
difference might be related to their acquired skills.
This speaker has one-year experience as a newscaster,
which is the least among the nine.
5. CONCLUSIONS
Prosodic characteristics of Japanese newscaster
speech for different speaking situations were
analyzed.
Analysis showed the following results on the
global prosodic characteristics for different speaking
situations; differences from neutral manuscript
reading were found in pause duration (withinsentence: -123 msec, between-sentence: -353 msec),
F0 (+4.4 semitones), and intensity (+5.9 dB) for
program advertisements, and in pause duration
(within-sentence: +206 msec, between-sentence:
+486 msec) and F0 (-2.0 semitones) for narrations.
Furthermore, analysis on the local prosodic
characteristics showed the following results.
Differences depending on the IPU locations were
observed in the following acoustic features; F0 and
intensity for neutral manuscript readings, phoneme
duration and F0 for program advertisements, and
phoneme duration, F0, and intensity for narrations. In
addition, differences in pause duration depending on
the pause locations were observed in all speaking
situations.
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Table 8: Distributions of F0 computed in IPU level,
for different speaking situations and sentence
locations. F0s are normalized (subtracted) by the
average F0 for each speaker.
[semitone]
Speaking
situation

ADV

NEU

NAR

Location

nons-end

s-end

nons-end

s-end

nons-end

s-end

Average

3.79

5.29

0.84

-0.99

-1.47

-2.72

***|_______|*** ***|_______|*** ***|_______|***
Significant difference
***: p < 0.001, **: p < 0.01, *: p < 0.05, ns: no significance.
Symbol non-s-end: non-sentence end, s-end: sentence end.

Table 9: Distributions of the average intensity
differences between the different speaking situations
and the reference NEU situation, for each speaker.
[dB]
Speaker
ADV

A

B

C

D

E

F

G

H

I

AVG

5.0

8.0

7.2

3.2

8.5

5.1

6.0

4.6

5.0

5.9

*** *** *** ** *** *** *** *** ***
NAR

-0.4

1.9

ns

*

0.2 -0.2 -1.1

1.9 -1.6 -0.6

1.0

ns

ns

ns

ns

ns

ns

ns

0.1

Significant difference
***: p < 0.001, **: p < 0.01, *: p < 0.05, ns: no significance.

Table 10: Distributions of intensity computed in IPU
level, for different speaking situations and sentence
locations. Intensities are normalized (subtracted) by
the average intensity for each speaker.
[dB]
Speaking
situation

ADV

NEU

NAR

Location

nons-end

s-end

nons-end

s-end

nons-end

s-end

Average

6.43

6.18

1.56

-0.95

1.20

-3.76

***|_______|ns* ***|_______|*** ***|_______|***
Significant difference
***: p < 0.001, **: p < 0.01, *: p < 0.05, ns: no significance.
Symbol non-s-end: non-sentence end, s-end: sentence end.

Based on these results, we are planning to design
a method of adapting a speech by non-human
newscasters to the target speaking situation. We are
also planning to clarify the typical characteristics of
the other speaking situations.
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of utterances and most of the studies found a larger
F0 range and / or SD of F0 in ironic utterances. In
addition, in French [8], ironic utterances are characterised by a rising F0 contour. In contrast to the
aforementioned results, in several varieties of English [5, 7, 20], and in German in Germany [17, 21,
22] mean F0 values are lower in ironic utterances.
Results on F0 variation and F0 contour differences
were inconsistent. Some studies [5, 7, 17, 22] found
a lower F0 variation or a flatter F0 contour in ironic
utterances and some [20, 21] found no significant
differences between ironic and literal utterances.
As some studies suggest there might be language
or language type specific differences in the use of
prosodic cues to mark irony. If the language type
determines how F0 cues are used to highlight irony,
the investigation of Standard Austrian German
(SAG) is of special interest, since SAG is classified
as a mixed-type language with word language characteristics as well as characteristics of quantifying
languages [14]. In contrast, German in Germany is
classified as a true word language [25].
Based on results on German in Germany [16, 17,
21, 22] and results of a pilot study with one speaker
of SAG [10], the present study hypothesises that
ironic utterances of speakers of SAG are characterised by longer durations, a lower mean F0, a smaller
F0 variation + range, a lower intensity, a higher Harmonics-to-Noise Ratio (HNR), larger amplitude differences between the first and second harmonic
(H1-H2), and hyperarticulated vowels. However,
deviations from the expected results concerning the
F0 measurements will not be surprising, since language variety specific differences are likely to exist.

ABSTRACT
The present study investigates the use of acoustic
irony markers by speakers of Standard Austrian
German (SAG), a variety of German which has not
yet been investigated with regard to irony marking.
Short utterances were elicited in an ironic manner
(ironic criticism) as well as expressing the positive
literal meaning. Acoustic analyses of recordings of
eight speakers of SAG revealed that ironic utterances are mainly characterised by a lower F0 with
less variability (standard deviation and range of F0),
a lower intensity and longer durations compared to
the literal counterparts. Moreover, F1 and F2 frequencies of the stressed vowel are lower in ironic
utterances compared to literal realisations of the
same utterances leading to the assumption that
speakers smile less when being ironic. In addition,
some gender, task, and utterance specific differences occurred.
Keywords: verbal irony, sarcasm, ironic criticism, Standard Austrian German
1. INTRODUCTION
Irony is frequently used in interpersonal communication. Most speakers apply disambiguating cues
highlighting the ironic intent of utterances to avoid
misunderstandings. These cues can be verbal, nonverbal (e.g. visual) and / or paraverbal [21]. Paraverbal cues are frequently used mark irony [4], especially when speaker and listener are not very familiar with each other or when non-verbal cues are
not available. The present study investigates the paraverbal features of ironic utterances (ironic criticism) in Standard Austrian German.
Acoustic characteristics of verbal irony have
been investigated in some languages and language
varieties. The studies lead to the conclusion that
more or less the same parameters (especially F0, intensity, and duration) are used to highlight irony,
however, the specific use of the cues differ between
different languages. Especially concerning the use
of F0 cues, language specific differences exist: In
Italian [2], French [8, 12], Cantonese [6], and Japanese [1] the mean F0 is higher in ironic realisations

2. METHODS
2.1. Recordings

All stimuli were either disyllabic one-word utterances or utterances consisting of two monosyllabic
words with a positive meaning when realised literally (e.g.“Super!” ‘super’; “Sehr gut!” ‘very good’).
All utterances are stressed on the first syllable /
word. In a pre-test [10] the items were rated
concerning their predominant manner of use and
concerning the frequency of use by Austrians. These
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value (F0max), F0 range; mean intensity, SD of the
intensity, formant frequencies (F1-F3) of the first
vowel in each utterance, normalised F0 contour (=
up to 20 equally distributed F0 values for each utterance). In addition, the stressed vowels of all utterances were analysed with VoiceSauce [23, 24] to
extract HNR and corrected H1-H2 values. The frequency band for the HNR analyses was 0-3500 Hz.
The data was analysed statistically with R [19]
mainly by fitting mixed effects models [3] with utterance and speaker as random factors. When necessary, Tukey post-hoc tests were carried out using
the lsmeans package [9]. F0 contours were analysed
by fitting a generalised additive mixed model
(GAMM) [26]. In the results section, only effects of
or interactions with manner of realisation are reported. Especially, obvious effects of speakers’ sex
or vowel specific differences are not mentioned.

ratings were conducted to have criteria to choose the
items and to exclude non-familiar utterances and /
or utterances which do not need to be marked acoustically as being ironic or literal, because the item itself is inherently ironic or literal.
For the recording session, the utterances were
embedded in short scenarios evoking either a literal
or an ironic realisation of the target word (following
[16, 22]). All scenarios eliciting literal target utterance had a positive connotation, since neutral realisation of most of the target words are quite uncommon. An example scenario is given in Table 1. In
the first part of the recordings, the speakers were instructed to put themselves in the position of person
B and answer to the scenario accordingly (henceforth called scenario-condition). In the second part,
the speakers were explicitly instructed to respond in
an ironic or literal manner to ensure that they realise
the utterances in the intended manner (henceforth
called explicit-condition).
Recordings of eight speakers (23-32 years, balanced for gender) of SAG were conducted in a
sound booth (IAC-1202A) with a cardioid microphone (AKG C451 EB). All SAG speakers were, as
defined by [13, 15], born and raised in Vienna, had
a high education level, and had at least one parent
fulfilling the same criteria.
In addition to the material analysed in the present
study, electroglottographic (EGG) and video recordings were conducted for further analyses.

3. RESULTS
3.1. Duration

With respect to the total utterance duration a fitted
mixed effects model revealed a significant interaction between manner of realisation and task
(F(1,303)=9.361, p=0.002). Post-hoc tests showed
that the duration of ironic and literal utterances differs only in the explicit-condition (t(306)=5.394,
p<0.001) but not in the scenario-condition
(t(306)=1.089, p=0.697) (see Fig. 1).
In order to see which part of the utterance is
lengthened in ironic utterances, the relative duration
(in % of utterance duration) of the first syllable /
word was measured. The statistical model showed a
significant gender*realisation interaction (F(1,303)
=10.636, p=0.001), revealing in post-hoc tests that
the first syllable of ironic utterances was longer than
in literal utterances only for female speakers
(t(305)=4.929, p<0.001) and not for male speakers
(t(305)=0.332, p=0.987) (see Fig.1).

Table 1: Example scenarios eliciting “Danke!”
(‘thanks’) in an ironic and a literal manner.
Ironic
Literal
Person A kommt lächelnd zur
Tür rein und sagt: „Ich habe
dir Blumen mitgebracht!“
- „Danke!“

Person A gives person B a
dirty cleaning rag and says:
“I brought you something.”
- “Thanks!”

Person A smiles while
entering the room and says:
“I brought you some flowers!”
- “Thanks!”

Figure 1: Duration of the utterance; relative duration of the stressed syllable and the stressed vowel
(light blue = ironic; dark blue=literal).

2.2. Analyses

st

Utterance

For the present study ten utterances were realised by
all speakers in both manners (ironic and literal) and
in both tasks (scenario-condition and explicit-condition), resulting in a total of 320 utterances.
The recordings were semi-automatically segmented and analysed with STx [18]. The following
parameters were measured, manually corrected, and
extracted: total utterance duration, duration of the
first (stressed) syllable, duration of the stressed
vowel / diphthong; mean F0, standard deviation
(SD) of F0, minimal F0 value (F0min), maximal F0

duration

fit(% of word duration)

fit(ms)

900

800

700

600

st

1 syllable

1 vowel

relative duration

relative duration

fit(% of word duration)

Person A gibt Person B einen
dreckigen Putzfetzen und sagt
„Ich habe dir was mitgebracht.“
- „Danke!“

50

46 ironic
literal
42

22

ironic
20 literal

18

38
explicit scenario

Task
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female

male

Gender

ironic literal

Realisation

ironic
literal

Concerning the relative duration of the stressed
vowel (in % of utterance duration), a significant effect of realisation showed longer vowels (t(303)=
-3.124, p=0.018) in ironic utterances (see Fig. 1).

The mixed effects model showed a main effect of
manner of realisation (t(313)=3.141, p=0.002) with
a lower F0 range in ironic utterances (see Fig. 2).
Since not only the total F0 range but also the
shape of the F0 contour could differ between the
two manners of realisations, the F0 contour of the
utterances was analysed by fitting a GAMM [26].
The model revealed a significant interaction between manner of realisation and gender (t=-9.050,
p<0.001). Predictions of the different F0 contours
are shown in Fig. 3.

3.2. Fundamental frequency

The mean F0 is significantly influenced by an interaction of manner of realisation and gender
(F(1,303)=19.306, p<0.001). In post-hoc tests significant differences emerged for female speakers
(t(305)=-8.571, p<0.001), and a tendency for a
smaller effect was found for male speakers
(t(305)=-2.377, p=0.084). For all speakers, the
mean F0 was lower in ironic utterances (s. Fig. 2).
Concerning the standard deviation (SD) of F0
(converted to semitones), a significant main effect
of manner of realisation (t(303)=4.294, p<0.001)
showed a lower SD of F0 for ironic utterances compared to literal utterances (see Fig. 2).

Figure 3: F0 contours (male and female speakers;
ironic and literal utterances).
female

male

Figure 2: Mean F0, SD of F0 and F0 range
(light blue = ironic; dark blue=literal).
SD of F0
3.5

19

150

3.0

ironic
literal
2.5

fit(semitones)

fit(semitones)

fit(Hz)

250

200

3.3. Intensity

F0 range

18
ironic

ironic

literal

literal

17

100
2.0

female male

ironic literal

ironic literal

Gender

Realisation

Realisation

For F0min (in Hz) the model revealed an interaction between manner of realisation and task
(F(1,302)=5.650, p=0.018) and a tendency occurred
when F0min was converted to semitones (F(1,303)=
3.658, p=0.057). The effect exists for items in the
explicit-condition (Hz: t(313)=3.715, p=0.001; ST:
t(312)=3.510, p=0.003) but not in the scenario-condition (Hz: t(315)=0.481, p=0.963; ST: t(313)=
0.906, p=0.801). In the explicit-condition, ironic utterances were characterised by higher F0min values
compared to literal utterances.
The F0max value (in Hz) showed no effect of
manner of realisation (t(312)=1.523, p=0.129).
When converted to ST, a significant interaction between manner of realisation and gender emerged
(F(1,306)=10.160, p=0.002). Post-hoc analyses revealed lower F0max values in ironic utterances compared to literal utterance only for male speakers
(t(307)=-3.659, p=0.002) but not for female
speakers (t(315)=0.830, p=0.840).
The difference between F0max and F0min results
in the F0 range, which was converted to semitones.

The mean intensity of the utterances is significantly
lower in ironic realisations of the utterances
(t(303)=5.546, p<0.001). Moreover, the standard
deviation of the intensity was measured. The statistical analyses showed a slightly but significantly
lower SD of the intensity for ironic utterances
(t(303)=-2.993, p=0.003) (see Fig. 4). The video recordings were checked for speaker movements towards or away from the microphone to ensure a
comparability of the intensity measurements.
Figure 4: Mean utterance intensity and SD of
utterance intensity.
Utterance intensity

SD of intensity

-26

11.0

fit(rms)

-28
-30

fit(rms)

Mean F0

-32

10.5
ironic

ironic

literal

literal

10.0
-34
-36

9.5
ironic literal

ironic literal

Realisation

Realisation

3.4. Formant frequencies

The mean formant frequency (F1-F3) values of the
first vowel of each utterance were measured. Concerning the F1 a significant main effect of manner
of realisation (t(302)=3.074, p=0.002) revealed
lower F1 values in ironic utterances (for all vowels).
Equally, for F2 an effect of manner of realisation
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(t(303)=4.426, p<0.001) showed lower F2 values in
the stressed vowels of ironic utterances, independent of the vowel quality. With respect to the F3 values, no differences between the two manners of realisation emerged (t(300)=1.216, p=0.225).

Having a closer look on the results of F0min,
F0max, and F0 range, the smaller F0 range in ironic
utterances is realised by female speakers by raising
the F0min and by male speaker by raising F0min and
lowering F0max. Both SD of F0 and SD of intensity
are lower in ironic utterances. Since both cues are
used to generate speech melody, this points towards
a more monotonous realisation of ironic utterances,
which is supported further by the different shapes of
the F0 contours.
Concerning the voice quality measurements, the
higher HNR in ironic utterances (=less noise) and
the lower values of H1-H2 point to breathier realisation of literal utterances. In addition, the lower
H1-H2 values of female speakers in ironic utterances with a lower mean F0 could occur from more
creaky realisations. These results will be verified by
analysing the additionally recorded EGG signals (as
already done for a small subset of the data [11]).
In contrast to [21], the analyses of F1 and F2 did
not point to a larger vowel space (=hyperarticulation) since both formants were higher in literal realisations of the utterances independent of the vowel.
A higher F2 in literal realisations could be explained
by vocal tract shortening due to smiling. This assumption is consistent with finding of the pilot study
[10] and will be verified further in a following study
by analysing the facial expressions of the speakers,
for which video recordings have been done.
To sum up, in SAG, ironic utterances as compared to literal utterances are characterised by a
lower mean F0, a lower SD of F0, a smaller F0
range, lower mean intensity and lower intensity variation, longer durations (utterance, stressed vowel,
stressed syllable), lower F1 and F2 frequencies of
the first stressed vowel, differences in voice quality
and a flatter F0 contour. Most of the results are consistent with results on German in Germany and English. However, in several aspects, the present results
differ from studies on verbal irony in German in
Germany [16, 17, 21, 22]: The present study did not
show hyperarticulation of vowels but in general
lower F1 and F2 values in ironic utterances; H1-H2
values were lower in ironic utterances and unlike
[21] F0 contours differed between the two manners
of realisation. There seems to be no major differences due to language type specific characteristics
of SAG. Moreover, the present study extends the research on verbal irony on results of an additional
language variety and shows the direction in which
the investigation of irony in SAG will continue: The
EGG and video recordings of all speakers will be
analysed. Furthermore, a perception experiment
with normal-hearing and cochlear-implant listeners
is planned to see which acoustic and visual cues are
used by the two groups to identify irony.

3.5. Voice quality

With respect to the voice quality of the stressed
vowels, HNR and H1-H2 measurements were analysed. The analyses revealed a realisation*task interaction (F(1,395)=14.34, p<0.001) showing in
post-hoc tests that in the explicit-condition, the
HNR is higher in ironic utterances compared to literal utterances (t(306)=6.565, p<0.001), but not in
the scenario-condition (t(306)=1.454, p=0.466).
Concerning the H1-H2 measurements a significant three-way interaction between manner of realisation, mean F0 and gender occurred (F(1,296)=
6.131, p=0.014). Post-hoc analyses showed a significant effect for female speakers (t(305)=-3.593,
p=0.002) but not for male speakers (t(303)=-2.016,
p=0.184). The realisation*meanF0 interaction of female speakers is shown in Fig. 5.
Figure 5: H1-H2 of female speakers

4. SUMMARY AND DISCUSSION
The present findings show that speakers of Standard
Austrian German mark ironic utterances acoustically by using frequency (F0 and formants), intensity, and durational features. The use of some of the
characteristics was limited to the condition in which
the speakers were explicitly asked to produce ironic
utterances compared to utterances which were only
elicited via scenarios. Moreover, some features
were used differently by male and female speakers.
With respect to the durational features, all speakers lengthened the ironic realisations in the explicitcondition. Independent of the task, the relative duration of the stressed vowel is longer in ironic utterances. For the relative duration of the first syllable,
the gender*realisation interaction can be explained
by the fact that female speakers mainly lengthen the
stressed syllable to highlight an ironic intent while
male speakers lengthen the whole utterance.
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ABSTRACT
This paper reports on cross-linguistic prosodic
influence in bilingual language acquisition, based on
a case study of one French-Spanish bilingual child of
whom 3,340 utterances between 2;0 and 3;0 years of
age are analyzed. Numerous studies on bilingual
acquisition of phonology have uncovered interaction
between the two linguistic systems involved; this
study aims at motivating the direction of influence by
language-specific prosodic properties. Results for
lexical stress, prosodic phrasing and intonation
indicate possible negative transfer from French onto
Spanish, which is explained by prosodic variability
and its consequences for acquisition. Even though
these findings are only exploratory, they are intended
to serve as a predictor for other language
combinations in multilingual language acquisition.
Other (extra-linguistic) types of influence like
language dominance and methodological issues are
discussed.
Keywords: bilingual language acquisition, negative
transfer, prosody, French, Spanish.
1. INTRODUCTION
Bilingual language acquisition is defined as the
simultaneous acquisition of two languages from birth
([16]). The relevant principle in the case study is the
“one person – one language” method ([19]),
frequently employed in Europe and elsewhere,
according to which both parents speak different
native languages (L1) and each speaks his/her L1
with the child who is then bilingual (2L1).
The theoretic debate in bilingual language
acquisition research is whether the child starts off
with one single linguistic system, much like in
monolingual language acquisition, or whether both
languages are separated from early on. The former
perspective is the traditional analysis (e.g. [23]),
while the latter is by now the standard assumption,
though mainly based on studies of (morpho-)syntactic
phenomena (e.g. [15]). Successful separation of two
systems notwithstanding, bilingual language
acquisition must not be equated with doubly
monolingual language acquisition because there is
influence between the two linguistic systems
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involved, such as acceleration, delay or transfer (e.g.
[18]; [12] for influence in phonology).
An important aspect in multilingualism is
language dominance as bilinguals may not be
balanced across their languages ([2]). Dominance is
measured in terms of MLU (mean length of
utterances in words/morphemes), upper bound,
number of utterances or development of noun and
verb types ([16]). Studies on the acquisition of
syntactic phenomena have shown that dominance has
an effect on mixing but is independent of the
aforementioned types of influence (e.g. [9]).
2. BILINGUAL ACQUISITION OF
PHONOLOGY
Like research on syntax, work on bilingual
acquisition of phonology has established that children
are able to acquire and to separate two different
phonologies from early on. On the segmental level,
[7] shows in three German-Spanish bilinguals that
acquisition is delayed with respect to the more
marked vowel system of German. Voice onset time
(VOT) was investigated by [8] for the same language
combination in four bilinguals, finding influence in
some children (delay in German, bidirectional
transfer). For prosodic criteria, [14] describe delay for
two German-Spanish bilinguals regarding the
acquisition of pitch accents when compared to
monolinguals, and [13] find evidence of interaction
between German and Spanish in the intonation of
yes/no questions in two bilinguals. Finally, [17]
investigates 17 English-French bilinguals and their
syllable truncation in quadrisyllabic words as a
function of lexical stress; she also finds interaction in
the way that French influences the acquisition of
English which is explained by the fact that English
allows for greater variability (cf. section 3).
As this brief literature survey shows, the beststudied language combination in bilingual acquisition
of phonology is German-Spanish. Phonologically,
this is a very interesting combination as there are
many segmental and suprasegmental differences
between the two languages, which stem from
different linguistic groups within the Indo-European
family, the Germanic and the Romance one. The
same pertains to Paradis’s [17] French-English
bilingual subjects. The present case study takes two

Romance languages with a high degree of genealogic
relationship into account. This language combination
is particularly interesting because despite their close
relation, French differs highly from all other
Romance varieties when it comes to the prosodic
parameters studied here.
As a consequence from detailed phonological
analyses, all studies (perhaps with the exception of
[17]) can only analyze a very low number of
individuals. Importantly though, the studies contrast
the findings with monolingual control data, either
collected for the same purposes or taken from the
relevant literature.
3. CONTRASTING FRENCH AND SPANISH
PROSODY
Unlike Spanish or German, French does not exhibit
lexical stress, i.e. in groups of words stress invariably
falls on the final full (non-schwa) syllable (the same
pertains to single words produced in isolation). The
basic prosodic domain is the Phonological Phrase or
the Accentual Phrase (PP/AP; le mauvais garçon ‘the
bad boy’) with an obligatory final accent and an
optional initial accent, typically on the first syllable
of the first content word (mau-). The next unit is the
intermediate phrase (ip), which corresponds to
particular syntactic constructions like dislocations or
enumerations, in which the AP- and the ip-final
accents fall together. Finally, the Intonational Phrase
(IP) generally coincides with sentences/utterances. In
addition to the IP-final accent, IPs in French are
marked by final lengthening and may be followed by
a pause ([ IP[APLe mauvais garçon] [ APment à sa
MÈRE]]. ‘The bad boy lies to his mother.’; e.g. [6],
for a more general overview of the prosodic hierarchy
cf. [21]).
In contrast, Spanish displays variable word stress.
Even though 80% of the Spanish lexicon carry
penultimate (trochaic) stress ([10]), it is not regular.
Lexical stress in Spanish also follows morphophonological tendencies (término ‘(the) end’/termino
‘I end’/terminó ‘he ended’). In Spanish ips and IPs,
nuclear pitch accents are of major importance. These
accents are most prominent and are typically found
on the last lexical item in neutral contexts ([IPQuiero
una gaLLEta.] ‘I want a cookie.’). French and
Spanish therefore display differences not only with
respect to lexical stress, but also with respect to the
distribution of accent types. Stress and prosodic
phrasing are generally less variable in French when
compared to Spanish.
Consequently, the intonational repertoire in terms
of pitch accents and nuclear configurations, which
express certain pragmatic contexts like broad and
narrow focus constructions etc., is much larger in
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Spanish than in French ([3], [5]). While there are six
basic nuclear pitch configurations in French, Spanish
has 19. What must be borne in mind, however, is that
there is much dialectal variation when intonation is
considered and that prosodic labels are not categorical
but dynamic. Lexical stress, phrasing and intonation
are more variable in Spanish when compared to
French, where they may therefore be possibly
relatively more easily acquired.
4. METHODOLOGY
Research has established that (i) bilingual children
separate their phonological systems from early on and
that (ii) there is phonological interaction during the
process of language acquisition (cf. sections 1, 2).
The present study aims at finding causes for the
direction of prosodic influence in a given language
combination. In line with [17], it is expected that
influence will be in the direction from French, the less
variable system with respect to stress, phrasing and
intonation, onto Spanish with relatively more
prosodic variability. The basic assumption underlying
these expectations is that variable systems should be
more difficult to acquire than less variable systems
within one individual. The argumentation of [7] and
[10] in terms of complexity and markedness makes
the same predictions. Notwithstanding these
generalities, individual factors will also play a role in
the acquisitional process, for example language
dominance, which is not analyzed in detail here.
The child investigated was recorded every
fortnight in a natural interactive setting for
approximately half an hour in each language. The
mother is Spanish-speaking, and the father is Frenchspeaking; the family resides in France. Data were
extracted and prosodically coded with Praat ([1]) and
ToBI (Tones and Break Indices; [3], [5]). Table (1)
presents the recordings analyzed thus far, including
information on age, MLU (mean length of utterance
in morphemes) and the total number of utterances:
Table 1: Data
French
age
2;2,15
2;3,6
2;8,1
2;11,19
3;1,24
total

MLU
3.29
3.30
4.26
7.34
5.63

utt
145
332
292
196
195
1160

Spanish
age
2;2,0
2;3,29
2;7,25
3;0,13
3;1,23
total

MLU
2.98
3.31
3.90
4.41
4.51

utt
406
288
503
645
338
2180

total
utt
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The MLU shows that the child is slightly dominant in
French. Since this paper presents first exploratory and
cursory results of only one case study, no statistical
measures have been implemented yet.

5. RESULTS
In what follows, it is argued that differences in the
phonological systems influence acquisition in the
expected direction from French onto Spanish.
However, these examples are few as they present
exceptions to the rule. The results are not quantified
and statistically analyzed yet and therefore need to be
interpreted with caution.

Figure 1: Grammatical prosodic phrasing (top) vs
ungrammatical ip boundary and noun length
(bottom)

5.1. Lexical stress

Variable lexical stress seems to pose a problem even
within one language and within one lexical type.
Examples (1-6) show that target-like iambs in
Spanish are produced as unmarked trochees in four
out of six cases in one recording (3;1,23):
(1) Ese es tu café. ‘This is your coffee.’
(2) Ese es el café. ‘This is the coffee.’
(3) Un café. ‘A coffee.’
(4) Hay algo del café. ‘Here is some coffee.’
(5) Mh, café. ‘Mh, coffee.’
(6) Quieres la cuchara aquí como tomas el café?
‘Do you want the spoon here to drink coffee?’
This result is corroborated by other studies ([11] on
Spanish-German bilingualism) and seems to be
independent of the second language involved. In fact,
French as a language with invariable final stress
should facilitate the acquisition of iambs.
A possibly negative influence from French onto
Spanish can be observed at and above the word level
in ips and IPs, which yields ungrammatical structures
in Spanish:
(7) en una camiseta ‘on a t-shirt’ (2;2,0)
(8) vídeo ‘video’ (2;2,0)
(9) El señor está mirando à MI. ‘The man is
watching me.’ (2;2,0)
(10) El señor no haBLA. ‘The man does not talk.’
(2;2,0)
In examples (7-10), final syllables are stressed, which
cannot be explained by a trochaic bias along the lines
of examples (1-6). Rather, a French phrase-final
accent as a truly negative transfer must be concluded
from these data.
5.2. Prosodic phrasing

The Spanish data display inconsistencies with respect
to intermediate phrasing which may be explained by
negative transfer from French where prosodic
boundaries are found in larger units than words (cf.
section 3). Interestingly, unexpected ip boundaries
seem to interact with other grammatical domains:
They frequently appear where determiners are
omitted illegitimately and may also be related to noun
length and subject position:
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The top part of Figure (1) displays the expected
intonational contour of the absolute question Quieres
tu postre? ‘Do you want your dessert?’ without any
unexpected phrasing. The bottom part, by contrast,
illustrates the syntactically identical structure Quieres
hamburguesa? ‘Do you want (your) hamburger?’
where the determiner is missing and where phrasing
is target-deviant: The verb is followed by an
intermediate H- boundary tone and a pause, which is
unexpected in adult Spanish in this specific context.
The H- tone appears in specific syntactic
constructions, e.g. appositions, enumerations and
long subjects or in hesitations. Presumably, one
reason for this particular prosodic phrasing is the
length of the noun in terms of number of syllables.
Quadrisyllabic items are rare in the Spanish lexicon.
Figure 2: Grammatical prosodic phrasing (top) vs
ungrammatical ip boundary and post-verbal subject
(bottom)

Figure (2) shows in which way subject position may
influence prosodic phrasing and determiner omission.
Spanish, in contrast to French, allows for the postverbal subject position, but this position is marked
and restricted to specific pragmatic contexts. In the
top part of Figure (2), where the subject in the
example utterance El señor está mirando a mí ‘The
man is watching me’ is unmarked, prosodic phrasing
is realized according to Spanish grammar. The
bottom part exemplifies the post-verbal variant Me
mira señor ‘(The) man is watching me’ with an
unexpected intermediate H- boundary tone and
determiner omission.
5.3. Intonation

Considering nuclear pitch configurations as
exponents
of
language-specific
intonational
grammar, the direction of influence from French onto
Spanish is further substantiated. To start off with,
narrow focus constructions have been analyzed from
two recordings per language because these pragmatic
contexts differ with respect to nuclear pitch
configurations in French and Spanish. These very
preliminary data yield the result that in French, the
child consistently produces the expected L* L% and
H* H% configurations (100.0%, n=14), while in
Spanish, only half of the realizations correspond to
the grammatical L+H* L% pattern (50.0%, n=6). The
second half is produced by other configurations, of
which 16.7% (n=2) show the French template:
(11) Eso es pasta, salsa de pasta.
H*
H%
‘This is pasta, pasta sauce.’ (3;1,23)
Nonetheless, the L+H* L% pattern is only the most
typical structure to express narrow focus in Spanish.
There are other strategies which need to be taken into
account (e.g. [20]). Overall, these facts are in line
with more variable forms in Spanish when compared
to French.
6. DISCUSSION AND CONCLUSIONS
Taken together, all results – including lexical stress,
prosodic phrasing and intonation in nuclear pitch
configurations of narrow focus constructions – are
indicative of the fact that the relatively more
invariable system (French) influences the relatively
more variable system (Spanish) in bilingual language
acquisition. The stable word- and phrase-final accent
in French can be found in Spanish productions of the
child (the possibility of language-internal variability
as a source of target-deviant accentuation was also
shown). Ungrammatical prosodic phrasing in Spanish
was illustrated in connection with determiner
omission and further grammatical criteria such as
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noun length and subject position. Negative transfer
from French can be induced in the examples because
the intermediate H- boundary tone is a typical means
of phrase-final accentuation in French, a language
which is commonly considered not to have lexical
stress. Finally, intonation in nuclear pitch
configurations show stability in the French
productions and possibly negative transfer from
French in the Spanish productions.
Since the child investigated is French-dominant,
one may argue that this is the cause of influence rather
than differences in the two systems involved. For the
present case study, the results may emerge from the
twin effect of French dominance and French prosodic
stability, jointly leading to negative transfer onto
Spanish. However, dominance should be considered
with caution because it may not be relevant for
influence (cf. section 1). In fact, when a different
measure is defined, for example number of
utterances, the child would be Spanish-dominant (cf.
Tab. 1). In order to neatly separate language
dominance and systematic differences as two distinct
causes of influence from each other, further language
combinations and dominance relations need to be
investigated. After all, bidirectional influence is
possible in bilingualism (e.g. [22]).
Even though these conclusions seem to meet the
expectations, they must be considered as provisional.
First, the data analyzed so far need to be related to
results of monolingual language acquisition (cf.
section 2). Only when the two acquisitional scenarios
differ from each other, the effects found in Spanish
may be attributed to the French phonological system
in the bilingual setting. Second, data are also too
scanty to draw reliable conclusions yet. The data base
needs to be enlarged and the results must be
systematically quantified to confirm the hypothesized
direction of influence. A methodological flaw of the
study of negative transfer is that tokens are exceptions
and therefore necessarily small in number, which
makes statistical analyses difficult or unnecessary
and, as a consequence, interpretations possible on a
qualitative basis only.
Taking these conclusions as a blueprint for further
language combinations in multilingualism – and
keeping in mind all reservations with respect to
interpretability of the data –, the results allow for
generalizations based on relative prosodic variability
of the linguistic systems in comparison to each other.
The combination Spanish-German, for instance, will
lead to different results when arguing with systematic
differences for the prosodic criteria presented here
because in German, just like in Spanish, lexical stress
is variable and the intonational repertoire is large (e.g.
[4]). These kinds of predictors need to be worked out
and refined in future research.
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data may not transfer to other domains or multiparty spoken interaction. Early dialogue system researchers saw the complexity of dealing
with social talk [1], and focused on task-based dialogue interactions, where lexical content drives
task completion, conversation length is governed
by task completion, and participants are aware of
the goals of the interaction. Spoken dialog systems
are moving beyond simple tasks into the realm of
social interaction, strengthening the need for accurate modelling.

ABSTRACT
Spoken interaction occurs for many purposes and
in many forms, and it is possible that there are
differences in the distribution of features of different ’speech-exchange systems’. Greater understanding of the characteristics of different speech
exchange systems is vital to the design of humanlike artificial dialogue, and the need for clearer
modelling has prompted our explorations into silence and overlap. We investigate these features
in two different multiparty speech exchange systems – a collaborative board game and casual conversations of around one hour duration. We analyse speech activity at the end of intervals where
one participant speaks in the clear for a second
or more, and categorise patterns of overlap and
turn change or retention. We compare and contrast these patterns between the game and phases
of casual speech and report our results.

While instrumental interaction is delimited by
task length, conversation is more open-ended and
can extend for hours. Corpora of casual conversation have tended towards exchanges of 5-20
minutes, but research on casual talk has shown
that after the first 8-10 minutes of interactive talk,
conversation often settles into sequences of ‘chat’
and ‘chunk’ elements [6]. Chunks are segments
where ‘one speaker takes the floor and is allowed
to dominate the conversation for an extended period’ [6]. Chat phases are highly interactive with
frequent turn changes, many questions and short
comments, often occurring at the start of an interaction. Chat is often used to ‘break the ice’ among
strangers involved in casual talk, [10]. As the conversation progresses, chat phases are interspersed
with chunk phases. The ‘ownership’ of chunks
seems to pass around the participants in the talk,
with chat linking one chunk to the next [6]. In a
study of workplace coffee breaks [18], fifty percent
of all talk was classified as chat, while the rest comprised longer form chunks of storytelling, observation/comment, opinion, gossip, joke-telling and
ridicule.

Keywords: multiparty dialog, pauses and gaps,
genre
1. INTRODUCTION
Spoken interaction ranges from formal rituals
through task-oriented practical exchanges, to casual or social conversation and is often divided
into instrumental (task-based) or interactional
(social) talk [4, 16, 12]. Instrumental dialog mediates practical activities such as service encounters (shops, doctor’s appointments), information
transfer (lectures), planning and execution of business (meetings), and collaborative or competitive
games. Interactional or social talk does not seem
to contribute to a clear short-term task, but rather
to build and maintain social bonds, in interactions
ranging from strangers briefly chatting at a busstop to friends ‘hanging out’ in ‘a continuing state
of incipient talk’, [15], to stretches of smalltalk during business interactions.
Much early work on the dynamics of dialogue
relied on natural or constructed corpora of twoparty task-based exchanges, and results on such

To improve understanding of the form and dynamics of multiparty social as well as task-based
dialog, we contrast the distribution of speech
and silence a multiparty collaborative (task-based)
game mediated through spoken interaction, and
in chat and chunk phases of multiparty casual
conversation. We also investigate how turns end
for a single speaker in the three conditions to explore turn change and retention. Below we de-
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scribe our data and annotations, present our analyses, discuss our results, and conclude with an
outline of future work.

2.3. Working Dataset and Pre-processing

To explore the dynamics of the different speechexchange systems, the recordings and transcripts
for each game in the Teams corpus, and each
chat and chunk phase in the CasualTalk dataset
were processed using Praat to create ‘floor state’
annotations. These annotations divided each
interaction into labelled intervals, where an alphanumeric code for each interval recorded who
was speaking during the interval timespan, or labelled intervals of global silence (where nobody
was speaking). For example, the label aSbS denotes that speakers a and b are speaking in overlap, while cS indicates that c is speaking alone,
and GX denotes global silence. Any speakers not
mentioned in labels are silent for the interval described. We chose to compare the games against
chat and chunk phases of larger casual conversations as these separate phases constitute speech
exchange systems or genres in their own right [2].
Below we present our investigations, performed
using R statistical software [14], and compare and
contrast the results.

2. DATA AND ANNOTATION
We use two datasets – the Teams Corpus of multiparty collaborative games, and CasualTalk, a
dataset of multiparty casual conversations. The
data used and the pre-processing steps taken for
the current work are outlined below.
2.1. The Teams Corpus

The Teams Corpus [11] comprises 47 hours of multiparty interaction from 62 teams (35 three-person
and 27 four-person), playing a collaborative board
game – Forbidden Island. This game requires cooperation and communication among the players
to win as a group. 213 native speakers of American English (79 males and 134 females) aged 18
years or older participated in the study for one session, playing two rounds (Game 1 and Game 2) of
the game. Before each session, participants took a
pre-game survey collecting personal information.
After each game, the participant took a post-game
survey to evaluate the team process. The audio
recordings were segmented into interpausal units
(IPUs) and transcribed manually using the Higgins
Annotation Tools [17]. The speech label was applied to verbal and non-verbal vocal sounds such
as laughter and sighs. The work presented in this
paper is based on the 62 recordings of Game 1.

3. CONVERSATIONAL FLOOR DISTRIBUTION
Our first investigation is a comparison of the proportions of silence, one-party speech, and overlapped speech (2 or more speakers) in casual conversation (subdivided into chat and chunk segments), and game interaction. Figure 1 shows
the proportion of the interaction occupied by 0,1,
or 2+ speakers in chat and chunk phases and in
game. Overlap involving three or more speakers
is much less frequent than two party overlap in all
three conditions, and thus we amalgamate 2 and
3+ party overlap.

2.2. The CasualTalk dataset

The CasualTalk dataset is a collection of six 3 to
5 party conversations of around one hour each,
drawn from the d64, DANS, and TableTalk corpora
[13, 8, 5], all recorded in living room conditions or
around a table. In each conversation participants
were free to talk or not as the mood took them.
The data were segmented and transcribed manually at the intonational phrase (IP) level using
Praat [3] and Elan [19]. The speech label was
applied to verbal and non-verbal vocal sounds
(except laughter) including contributions such as
filled pauses, and short utterances such as ‘oh’ or
‘mmhmm’. Laughter was annotated inline with
speech. For this study, IPs were concatenated to
IPUs, and annotated coughs, breaths, and laughter intervals were converted to silence. A total of
213 chat and 358 chunk phases were identified and
annotated.

Figure 1: Distribution of the floor in chat (white,
chunk (dark grey), and games (light grey). Xaxis shows number of speakers (0,1,2+) speaking
concurrently.
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The boxplots in Figure 2 show the distributions
of the proportions of silence, one-party speech,
and overlap per individual chat, chunk, or game.
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speakers. The likelihood of two or more speakers
starting at the same instant or one speaker starting immediately as another finishes is very small.
In the combined dataset, there are 76091 intervals
of single party speech in the clear; global silence
follows 62.3% of these, while overlap follows 37%.
Simultaneous onset of speech by speakers other
than the preceding speaker and smooth switching account for less than 1% of the data, and these
cases were omitted. This results in four ‘transition types’ of interest, two around overlap and two
around silence. We do not make any attempt to
distinguish between backchannels or longer utterances from incoming speakers after the silence or
overlap at this stage, although we plan a finer analysis in future work.

Figure 2: Distribution of the floor in Silence,
1-Speaker and Overlap in chat (white), chunk
(dark grey), and games (light grey).
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In all conditions the most common conversational situation in terms of time taken was single participant speaking in the clear, the second
most common was global silence, with overlap accounting for much less of the conversational time.
As some of the distributions skewed right while
other skewed left (so that log values did not much
improve the normality of the distributions), nonparametric Wilcoxon Rank Sum tests were applied
to examine whether proportions of silence, single
speaker, and overlap differed between the Chat,
Chunk, and Game conditions. For silence, Game
interactions had significantly more silence (median 33.4%) than Chat (median 24.6%), which in
turn had significantly more silence than Chunk
segments (median 20.9%). There was significantly
more 1-party speech in Chunk (median 72.3%)
than in Chat (median 63.2%), and in Chat than
in Game conditions (median 33.4%). Overlap was
significantly higher in Game than in Chat, and in
Chat than in Chunk. All differences were significant at p < .0001

Figure 3: Silence (left) and Overlap (right) transitions

Using terminology from [7] based on dyadic interaction as shown in Figure 3, the transition types
for SpX are :

4. SPEAKER CHANGE ACTIVITY
The Teams dataset contains 132380 changes in
speech/silence configuration, an average of 1.3 per
second. The CasualTalk dataset contains 30688
changes, an average of 1.3 per second. Chunks
account for 18081 of these changes, an average
1.2 per second, while there are 12607 changes in
the chat data, for an average 1.5 per second. It
should be noted that these averages are largely due
to large numbers of short utterances in the data.
In an n-party conversation where each participant may be speaking or silent at any moment,
there are n2 possible states for the dialogue at any
time. For an overview of state changes we look at
cases where a speaker, SpX, speaks alone, followed
by a change in floor configuration. SpX’s singleparty speech interval can be followed by silence,
overlap, or a smooth switch to one or more other

WSS

Within Speaker Silence - SpX speaks before and after a silence

BSS

Between Speaker Silence - SpX speaks
before silence, SpX is not speaking after
silence

WSO

Within Speaker Overlap - SpX speaks before, during and after overlap

BSO

Between Speaker Overlap - SpX speaks
before and during overlap, SpX is not
speaking after overlap

Here WSO is used when the first speaker ‘survives’ the first overlap, but in multiparty interaction there can be sequential overlap states, when
a second overlapper joins, so WSO can end in the
original speaker speaking alone or in a different
overlap configuration. A more accurate analysis of
this case is planned
To more closely explore dynamics after a single speaker makes a contribution other than a
backchannel or short utterance, we focus on what
happens after a single speaker (SpX) speaks alone
for at least one second, and impose a minimum
silence threshold of 60ms to reduce the chance
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5. DISCUSSION AND CONCLUSIONS

Figure 4: Distribution (%) of the four transition types of interest in chat (white), chunk (dark
grey), and games (light grey).
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Our explorations have shown significant differences between the proportional distribution of silence, single-party speech and overlap in three
types of multiparty spoken interaction - a collaborative game, interactive chat and more generic
chunk phases of casual conversation. We have also
seen that there were differences and similarities
in the distribution of how single-speaker stretches
end in the three conditions, giving insight into
transitions from one floor state to another. In general, the Game and Chat conditions are most similar in transition terms, although they can be distinguished by the significantly higher silence quotient in Game. This may be due to time spent in
thought during games while chat is more consistently interactive, and the higher within speaker
overlap in games may signal periods of high interactivity alternating with long but infrequent silences. Chunk segments of casual talk contain less
silence and overlap (particularly between speaker)
and more single party speech than either of the
other conditions, reflecting the dominance of one
speaker.

of counting stop occlusions as within speaker silences. In this reduced dataset , looking at the situation after a single speaker stretch of at least a second, there are a total of 23777 change points, comprising 10515 WSS, 7080 BSS, 2576 WSO, and 3606
BSO. Figure 4 gives an overview of how transition
occurs over the different interaction conditions.
Figure 5: Distribution (%) of the 4 transition types (BSO,BSS,WSO,WSS) in chat (white),
chunk (dark grey), and games (light grey).
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While there have been major advances in the
use of machine learning to model turntaking dynamics of spoken interaction, including multiparty dialog [9], such models are dependent on the
availability of suitable data. Data is very scarce for
some very common speech exchange systems - in
the current work, there is an almost eightfold difference in the hours of data for casual talk (6 hours)
and the games corpus (47). The differences shown
between speech exchange systems here demonstrate the importance of understanding the differences in structure and dynamics of types of interaction, as artificial systems trained on game data
will not necessarily be accurate in predicting the
dynamics of conversational speech. Such knowledge has two main applications. Firstly, it signals
the need for data collection in areas of spoken conversation beyond short chats or tasks. Secondly, by
identifying similarities in aspects of different interaction types, cataloguing of the dynamics of different interaction types would in help in choosing
suitable data to partially model speech exchange
systems where sufficient exact data is not available.
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The boxplots in Figure 5 show the distributions
of the proportions of WSS, WSO, BSS, and BSO per
individual chat, chunk, or game. Within speaker
silence (WSS) was the most common transition
in all speech exchange systems, and particularly
so in Chunk. Between speaker silence (BSS) and
between speaker overlap(BSO) was less common
in Chunk than in Chat or Game, while overlap
in general and particularly between speaker overlap (BSO) was more common in Game than in
the other conditions. Wilcoxon Rank Sum tests
were applied. For between speaker overlap, all
three conditions were significantly different from
one another (p<.0001). The proportion of between
speaker silence did not differ significantly between
Chat and Game, but was significantly lower than
either of these in Chunk (p<.0001). Within speaker
overlap did not differ significantly between Chat
and Chunk, but was significantly higher in the
Game condition than in Chunk ( p<.01). Within
speaker silence is significantly higher in Chunk
than either of the other conditions (p<.0001).

We are currently exploring more complex transitions, such as sequences of overlapping talk where
more speakers join or current speakers leave an
overlap phase in order to more accurately model
multiparty spoken interaction.
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ABSTRACT
This paper elaborates a proposal for labelling
prosodic disfluencies in American English, in
conjunction with the ToBI framework for prosodic
labelling. Incorporating disfluency annotation ideas
developed for other languages, and for stuttered
speech, the proposal introduces explicit disfluencyrelated labels into the Break Index tier, providing a
more fine-grained categorization of the prosodic
disfluency type than established ToBI disfluency
labels. In addition, it explicitly labels 'speech errors'
(e.g. word and sound sequencing errors) even when
not disfluent, enabling separate study of these
phenomena, and of their interaction. The paper
further explores data labelled using this system by
two
independent
labellers
(recordings
of
spontaneous speech by 5 female speakers of
Mainstream American English). The relative
frequency of specific disfluency types, alone or in
combination with others, reflects a high degree of
diversity. Differences in disfluency patterns used by
individual speakers are discussed.
Keywords: ToBI, disfluencies, prosody, prosodic
annotation, cues
1. INTRODUCTION
Disfluencies, i.e. perceived disruptions to the smooth
flow of speech, are frequent occurrences in naturally
produced spoken language, particularly in
spontaneous speech. The study of disfluencies and
non-disfluent speech errors has the potential to
provide insight into speech planning processes.
Prosodic disfluencies may arise from several
different causes, including detected speech errors or
planning difficulties, or potentially from stylistic
decisions. Not all disfluencies are the same, and
different types of disfluencies have been shown to
affect speech perception and recall, and to do so in
different ways. Filled pauses have been shown to aid
both processing [17] and recall [18], and likewise
silent pauses [21]; however, repetitions have not
necessarily shown this effect [20]. Disfluent
interruptions/distortions of prosodic constituents are
distinct from non-disfluent morphosyntactic and
segmental ‘speech errors’, such as substitutions and
exchanges, and show a differing distribution in
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discourse [34], although the two can also occur
together. For these reasons, when annotating the
prosody of naturally produced speech, it is useful not
only to flag the occurrence of perceived disfluencies,
but also to annotate some details of the specific
nature of each disfluency occurrence. The ToBI
system [6, 32] has in place conventions for labelling
disfluencies, but labellers and researchers have
found the constraints on those labels to be at times
both challenging and inadequate for capturing the
variability. This paper proposes a more user-friendly
system for transcribing disfluencies than the
conventions for MAE ToBI currently offer.
2. BACKGROUND
ToBI (for Tones and Break Indices) [6, 7, 8, 32] is a
system for the annotation of spoken prosody. ToBI
is based largely on the Tone category work of
Pierrehumbert [26] and collaboration with Beckman
[9], and on the “break indices” work of Price and
colleagues [27]. ToBI uses time-aligned text-based
annotation of a speech file, typically in tiers.
Conventions [7, 8] call for the following 4 tiers1:
1) words: the orthographic tier for lexical words
2) tones: for categorical labels for tonal
markings of prominence (pitch accents) and
boundary markings (edge tones)
3) breaks: for degree of perceived disjuncture
between 0 (lowest) and 4 (highest).
4) misc (miscellaneous): for additional speech
features and comments
Disfluency
labelling
in
established
ToBI
conventions, based largely on a proposal by
Nakatani and Shriberg [25], is distributed across all
4 tiers, but primarily in the breaks tier, with the use
of the p diacritic [7: p. 36]:
1p: an abrupt cutoff before [a] repair, or as if
stopping to permit a repair or restart of some kind
2p: a hesitation pause or prolongation of
segmental material where there is no phrase accent
perceived in the intonation contour
3p: a hesitation pause or a pause-like prolongation
where there is a phrase accent in the tone tier.
ToBI conventions call for one disfluency label in the
tones tier: %r, for a restarted prosodic phrase after a
previous phrase was not finished with typical

boundary cues. Regions of disfluency, or other
disfluent events not captured using the p diacritic,
such as repairs or restarts, can be marked in the
miscellaneous tier, but labels for these are not well
established. Filled pauses (typically “um” or “uh” in
Mainstream American English) are at times flagged
with p diacritics, but often are labelled only with
break indices corresponding to fluently produced
speech, and therefore only indicated as a filled pause
via the words tier label.
While functional, existing ToBI conventions for
disfluencies have several disadvantages: 1) they
obligatorily relate p-diacritic marked disfluencies to
well-formed prosodic structure (1p, 2p, 3p), yet
disfluencies are often ambiguous with respect to the
intended well-formed target, 2) they don't adequately
distinguish different specific disfluency cues: E.g.
pause, prolongation, filled pauses, etc. and 3) such
cues and phenomena appear in a wide variety of
combinations, not necessarily in a fixed relationship.
All of these result in challenges for labellers, and
as a result, labellers often fail to use disfluency
markers consistently, or skip labelling disfluencies
altogether. To address these challenges, we propose
modifications to disfluency labelling conventions in
ToBI. A substantial body of research into the
production and perception of disfluencies, in many
languages and language varieties, provides a rich
field of potential annotation systems to consider.
The following proposal makes reference to several
of these, and we expect future refinements of the
system to incorporate aspects of additional systems.
3. CURRENT PROPOSAL: NEW TOBI
DISFLUENCY LABELS
The proposed conventions are based primarily on a
proposal by Arbisi-Kelm [3, 4] for transcribing
aspects of American English speech (both typical
and stuttered) [5], and was further informed by
disfluency annotation systems for spontaneous
speech in other languages [22, 28]. This proposal, as
suggested in [12], specifies the annotation of
individual disfluency-related acoustic cues; it
provides separate markers for e.g. pause,
prolongation, and cut-off words. Other disfluency
phenomena, namely filled pauses, restarts or
repetitions of words that are perceived as disfluent,
are explicitly marked. The “prosodic phrase restart”
(%r) label of existing ToBI conventions is
maintained, and a new type of label for speech errors
is included. These labels, shown in Table 1, can be
marked either in isolation, or in combination with
other cues. All cues are marked in a single tier,
rather than being distributed across various tiers. In
continuity with ToBI p-diacritic conventions, labels
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are used in the breaks tier. In contrast to previous
conventions, however, the proposed conventions do
not require the labeller to commit to a break index
where cues to an intended well-formed target
prosodic structure are absent.
Table 1: Proposed labels for disfluency phenomena
Label

Phenomenon & Description

c

cut: a partially-completed word

e

error: mispronunciation or wrong word

f

filled pause: filler words (e.g. um, uh, mm)

pr

prolongation: abnormal and/or incongruous
lengthening of a segment within a word

ps
psw

silent pause: perceived incongruous pause
between (ps) or within (psw) words. (Note: ps
label can be followed by s to mark the end of
the silent interval.)

rs

restart word: repetition of a segment, word, or
fragment (often after a word has been cut off)

%r

restart phrase: start of a new prosodic phrase
after a previous phrase was not completed

3.1 Proposed conventions for use of labels

The following conventions for use of these labels in
a time-aligned tier-based annotation system are
proposed: 1) Labels are placed in the breaks tier. 2)
Most labels (c, pr, ps, psw, f, e) are placed at the
end (right edge) of the word interval, and where
possible, with break indices. 3) Exceptions to these
placement conventions are rs (restart word) and %r
(restart phrase), which go at the left edge of the word
interval, to indicate that what follows is part of a
restart. The s, to indicate the end of a disfluentsounding silence, likewise is placed at the word’s
left edge. 4) When more than one symbol is needed,
use a period (.) as a delimiter (e.g. 1c.pr, 1psw.ps).
3.2 Comparing disfluency labelling schemes

This proposed disfluency labelling scheme makes
two important distinctions not captured previously in
ToBI. First, it separates prosodic disfluencies from
morphosyntactic and segmental speech errors. A
distinct label for an error, i.e. a wrong word or
sound, is used independently of other disfluency
labels which may or may not co-occur. Second, it
separates various prosodic aspects of perceived
disfluencies, giving more informative annotations, as
characteristics co-occur variably. For example, we

may hear a disfluent pause after a word with or
without prolongation; filled pauses with or without
silent pauses; or a cutoff followed or not by a restart.
Figures 1 & 2 show examples that demonstrate
some of the variability in the signal not captured
using ToBI p-break annotation. Figure 1 shows a file
labelled using existing conventions, including the p
diacritic (tier 3), vs. using the proposed new cuebased annotations (tier 4). Here, tokens labelled 2p
and 3p correspond to different disfluency cues and
combinations: 3ps, 1pr, 3pr.ps. Further, pr
(prolongation) appears with a 4 break. While the use
of the p-diacritic is expressly excluded from use
with the 4 break, the pr label can be used with any
break index, as disfluent-sounding prolongations can
potentially occur in any prosodic position.
Figure 1: A labelled example with both p-breaks
(tier 3) and new proposed labels (tier 4).

demographic data is available). Labelled files
contained 7366 words and 1876 pauses.
4.1 Frequency of labels and label co-occurrence

We here present some brief observations about label
frequency and co-occurrence in this data set.
Labeller 1 tagged 1622 intervals with disfluency
labels, and Labeller 2 1796 intervals, for a ratio of
roughly 22 to 24 disfluencies per 100 words. Due to
space constraints, data shown are from Labeller 1.
(Future work will address inter-labeller differences;
disagreement tended to relate to whether a cue, e.g.
prolongation sounded disfluent.) Label distribution
is summarized in Table 2. Individual word tokens
could be labelled with no disfluency, or with one or
more labels, e.g. just pr, just ps or pr.ps together.
Table 2: Frequency of label use by Labeller 1.

Figure 2 shows an example with a speech error.
Existing conventions allow only the 1p label (for a
cut-off word). The new labels reflect the multiple
attributes of the token: a cut-off word (c), with pause
(ps), that is also an error (e, the non-word “tentive”).
The labels further indicate that the next word
(tentatively) was a restart (rs).

label

alone

in combination

total

% of all
disfluencies

c

85

147

232

14.3%

e

2

6

8

0.5%

f

61

127

188

11.6%

pr

453

287

740

45.6%

ps

329

324

653

40.3%

(s)*

453*

200

653*

n/a

psw

2

1

3

0.2%

rs

19

106

125

7.7%

%r
9
144
153
9.4%
* Occurrences of s (end of a silent interval labelled at
start by ps), are not counted as separate disfluencies.

Of all disfluency-marked intervals, 960 were given a
single disfluency label, and 662 some combination
(18 with 3 disfluency labels, and the other 644 with
2 labels). Frequent 2-label combinations include
pr.ps (prolongation and pause, 179 tokens), c.ps
(cut-off and pause, 100) and f.pr (prolonged filled
pause, 83). Other frequently co-occurring labels
were s.%r (133 tokens) and s.rs (67 tokens),
reflecting that prosodic phrase and word restarts
occurred frequently after a disfluent pause.

Figure 2: A labelled example of a disfluency in
which several cues and phenomena are captured.

4. SAMPLE DATA INVESTIGATIONS

4.2 Individual patterns of disfluencies

To test the viability of this system, 2 expert ToBI
labellers independently annotated disfluencies using
the proposed labels of Table 1. Files labelled were 7
total files from 5 unique speakers from the American
English Map Task (AEMT) database [2], collected
in 1999 using the Map Task protocol [23]. Speakers
were young adult female Boston area college
students, from different US regions. (No further
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To illustrate the type of questions that this labelling
system can shed light on, we examined inter-speaker
differences in disfluency patterns [19]. Using the
first file labelled from each of the 5 speakers, the
frequency of each cue label was measured to create a
disfluency profile. Disfluent pauses (ps) were the
most frequent label used across these 5 files, while

other cues such as cut-offs (c) or filled pauses (f)
varied more noticeably. Figure 3 illustrates the
different disfluency patterns. This method also may
shed light on intra-speaker differences and
similarities across contexts. As we continue to label
more files from each speaker, we may see that their
patterns vary by context, time, or interlocutor.
Figure 3: Disfluency profiles of the 5 speakers.

5. GENERAL DISCUSSION
This prosodic cue-based labelling scheme reveals
complexities in the realization of disfluencies in
natural spontaneous speech, and has the potential to
shed light on general speech planning processes, as
well as on individual and group differences in
disfluency production. To explore the potential
advantages of this system for capturing variability,
we plan to label more data from varied sources to
investigate potential differences among groups,
individuals and contexts. Our initial data set contains
few speech errors, but other speakers or contexts
may provide more errors. Our current data set is
from a largely homogenous group of speakers; a
more varied demographic group might allow
investigation of the effects of aging, gender,
dialectal differences, and mental state. (See [10] and
[31] for discussions of factors affecting disfluency
rates.)
In addition to speaker variation, we plan to
further investigate cross-listener variability in
perception. Might different individuals perceive
some cues as disfluent, while others interpret them
as well-formed timing variation? Initial examination
of
labeller
differences
suggests
differing
interpretations as to whether particular instantiations
of cues, such as pause or prolongation, signalled a
disfluency or a well-formed boundary. To better
capture such variability in cue interpretation, and to
reflect additional cue co-occurrence (such as filled
with silent pauses), it may be useful to combine the
labelling of disfluency cues with individual cues to
other aspects of prosodic structure, including voice
quality and f0 cues [14]. Brugos [11] suggests that
f0 cues (e.g. whether there is reset, often seen with
the %r label) may allow speakers to signal the
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intended interpretation of an utterance when
temporal cues to prosodic structure are distorted by
disfluency: “Speakers may use pitch to direct the
listener about the proper interpretation of a disfluent
utterance: continuous pitch across a disfluent pause
or prolongation could be used to indicate
continuation, where as a disruption of pitch
continuity could therefore signal that the speaker has
restarted.” [11, p. 263] A cue-based scheme for
labelling disfluencies as proposed here can also be
integrated into other phonetic-cue-driven prosody
labelling systems, such as RaP [16] or PoLaR [1].
As the system is further developed, refinements
may prove useful, such as more fine-grained labels
for prolongations [24]. It may likewise be fruitful to
capture variation in filled pauses to reflect different
segmental material [28, 24], which would be
relevant to distinctions found in ‘um’ vs ‘uh’ in
production and processing [15, 17]. Labels to better
capture disfluent sequences and repair structure as in
[35] or [30] will also be considered. Further, we
hope to encourage dialog between investigators of
linguistic prosody and investigators of disfluency
phenomena from clinical perspectives. Labelling
disfluencies together with aspects of prosodic
structure may be beneficial to those working with
spoken language in clinical contexts.
6. CONCLUSIONS
This proposal for labelling the individual correlates
of speech disfluencies parallels developments in
other speech-related domains, such as the labelling
of individual acoustic cues to distinctive features
[33], to prosodic boundaries [14] and prominences
[1] and to individual kinematic characteristics of cospeech gestures [29]. Expanding the labelling system
to a more fine-grained level in this way opens the
door to discovering systematic relationships among
cue patterns, meanings and linguistic context which
are otherwise hard to discern. Labelling individual
cues not only enables studies of how cues do and
don't co-occur, it allows us to relate these patterns to
the labels for well-formed prosodic boundaries that
occur in the vicinity of a disfluency. Finally, we
consider this method more user-friendly; relaxing
the requirement to include intended constituent
structure when cues to that structure are missing or
distorted through disfluency. The labeller is relieved
of the obligation to guess at speaker intent.
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The addition of 5th tier has also been proposed [13], the
alt (for Alternatives) tier, to codify labeller uncertainty
and/or ambiguity in the signal.
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ABSTRACT
Little is known about how individual differences
affect speech processing. A number of similarities in
hemispheric lateralization patterns suggest close
association between acoustic features (prosody),
emotional language (threat) and intrinsic affect
(anxiety). To address their interaction, we carried out
two dichotic listening experiments using seminaturalistic sentences containing threatening prosody
and semantics, and we took participants’ worry-levels
as a measure of trait anxiety. Results suggest that
anxiety does affect speech processing, and this differs
depending on task demands and acoustic features.
Keywords: prosody, semantics, affect, anxiety

1. INTRODUCTION
While prosodic information relies on suprasegmental variation of intensity, pitch, voice quality
and duration, semantic information relies on
morphemes composed by varying combinations of
phonological segments [1]. Prosodic and semantic
information can develop together in a natural
utterance (e.g. emotional sentences), and can convey
emotional information simultaneously [2, 3]. To our
knowledge, whether intrinsic affect differences
between individuals (e.g. variation in trait anxiety)
influences the processing of semantics and prosody in
a different way remains an unexplored problem.
The present study aims to understand the effect of
trait anxiety on these information properties of
speech. We use dichotic listening (DL) which
provides a robust test of functional hemispheric
lateralization [4], tapping into features of both speech
(language) and anxiety (affect) processing.
On the language side, evidence suggests the left
lateralization of segmental aspects of speech and right
lateralization of suprasegmental features of speech [5,
6]. On the affect side, arousal and fear responses
associated with escape have been observed to be right
lateralized, while responses associated to worry and
environmental evaluation follow the opposite pattern
[7, 8, 9].
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A few dichotic listening experiments have
researched the effects of anxiety on emotional speech
processing. They either use speech/prosody as an
emotion-eliciting stimulus, or use DL mainly as an
attentional manipulation technique [10, 11, 12, 13].
As a result, they are limited in the extent to which they
reveal the relationship between dynamic variation in
emotional language processing (prosody/semantics).
Studies with more of a focus upon dynamic properties
of emotional language, instead, do not tend to
consider individual differences [e.g. 14, 15]. To
address these issues, we designed two web- based DL
experiments, using semi-naturalistic sentences in
order to ensure dynamic language processing beyond
the single word level. Participants were asked to
discriminate between neutral and threatening
sentences (expressing threat via semantics, prosody
or both), in the direct-threat condition, identifying
whether threatening stimulus occurred on left or right,
and indirect-threat, identifying whether neutral
stimulus occurred on left or right.
As early over-attention to threat [16] might affect
earlier prosody/semantic lateralization patterns [17],
and later over-engagement with threat [16] might
affect later emotional language evaluation stages
[17], we manipulated timing. Experiment-1 required
a delayed response: after sentences’ offset;
Experiment-2 required a fast response: during
sentence presentation. This allows us to differentiate
responses made at late evaluative stages (delayed
response) vs. responses made at earlier attentive
stages (fast response).
For Experiment-1 we hypothesize that anxious
over-engagement with threat at mid-late evaluative
stages [16] should increase left hemisphere (LH)
engagement, disturbing possible LH to right
hemisphere (RH) information transferring [14, 17].
Hence, we predict that a left ear advantage (LEA),
characteristic DL response to prosody/emotional
stimuli [14, 18], should decrease as a function of
anxiety, especially for semantic threat. This implies
slower and less accurate responses for anxious people
at their left ear when attending semantic stimuli.
For Experiment-2 we expect that, as responses are
forced to be faster (online), prosody effects should be
higher as they match early-mid emotional processing
stages [17]. Therefore, we hypothesize that higher
1

anxiety should reduce LH involvement [9] due to
over-attention to threat effects, which co-occurs at
these earlier-mid processing stages [9, 16]. Hence, we
predict an enhanced LEA for highly anxious
participants, especially for prosodic threat. Thus,
faster and more accurate responses for anxious people
at their left ear when attending prosodic stimuli.
2. METHODS
2.1 Participants
Participants (20-40 years old) were recruited using
Prolific (prolific.ac). For experiment-1, 44
participants were included (mean age = 31.7, 27
females). For Experiment-2, 52 participants were
included (mean age = 31, 24 females). Only
participants reporting being right-handed, having
English as first language, without hearing and
neurological/psychiatric disorders, and using only a
desktop or laptop to answer the experiment were
recruited. All participants signed consent to
participate under European Data Protection Act
(1998) regulations, and were remunerated for their
participation.
2.2 Materials
Four types of sentences were recorded: Prosodyonly (neutral-semantics and threatening-prosody),
Semantic-only (neutral-semantics and threateningprosody), Congruent (threatening-semantics and
threatening-prosody), and Neutral (neutral-semantics
and neutral-prosody). Threatening sentences were
extracted from movie scripts by matching them with
a list of normed threatening words from the extended
Affective Norms for English Words (ANEW) [20].
Sentences were recorded in an acoustically isolated
chamber using a RODE NT1-A1 microphone by a
male English speaker. The speaker was instructed to
speak in what he considered his own
threatening/angry or neutral voice for recording
Prosody-only/Congruent and Semantic-only/Neutral
sentences respectively.
Sentences’ prosodic bio-informational dimensions
[21] were extracted using ProsodyPro [22] in Praat
(praat.org). Median Pitch (F0) comparisons, crucial
for defining angry or threatening voices [23], were
performed by using Tukey HSD tests in R (Rproject.org). These showed no difference for
Semantic-only vs. Neutral (p = 0.31) and Congruent
vs, Prosody-only (p = 0.93) comparisons. All other
comparisons, involving threatening prosody vs.
neutral prosody, showed a significant median F0
difference (all p-values < 0.01). Higher median F0 for
threatening stimuli aligns them with hot-anger (rage),
which has higher F0 than cold-anger or neutral

prosody [23, 24]. Previous DL studies’ mean F0
values are consistent with this [14, 25].
2.3 Procedure
Before starting the experiments, participants
answered the Penn State Worry Questionnaire
(PSWQ) [19] to assess their worry-level. In
Experiment-1, participants heard 52 sentences per
threatening type (Prosody-only, Semantic-only,
Congruent), all dichotically paired with a Neutral
sentence of comparable duration. In one half of the
study they were instructed to indicate at which ear
they heard the threatening sentence by pressing the
right or left arrow keys. In the other half of the study
they were instructed to respond to the Neutral
sentence (indirect-threat condition). This was
intended to address attention effects [4, 26]. Starting
ear (left or right) and starting condition (direct- or
indirect-threat) were counterbalanced. Participants
were told to answer only when the sentence finished
playing and a bulls-eye (target) image appeared on
the screen. A 1400ms inter-stimulus-interval (ISI)
was used, the target image stayed on the screen during
this period. The same procedure was used for
Experiment-2, but participants were instructed to
answer only before sentence’s end. Experiments were
implemented using Gorilla: gorilla.sc.
2.4 Analysis
Data from both experiments was analysed using R
(R-project.org). A linear mixed-effects model with
reaction time (RT) as a dependent variable; Worry,
Type, Ear, and Threat-direction as interaction terms;
and subjects and sentences as random effects was
selected from a model comparison. A TypeII
Satterthwaite’s ANOVA was used on this model. For
accuracy measures, a generalized mixed-effects
binomial linear model was selected from a model
comparison, with percentage of correct responses
(PC) as dependent variable, same interaction terms as
in the previous model, and subjects as random effects
(sentences were excluded due to ceiling effects). A
TypeII analysis of deviance was used on this model.
3. RESULTS
Experiment-1’s RT results, computed from the
best-fit model (R² = 0.22), showed the following
relevant effects. An Ear X Worry X Threat-direction
interaction (F (1, 8182.9) = 14.56, p < 0.01), suggesting
that ear differences for RTs were mainly restricted to
worry-level and threat-direction. Also, a Worry X
Type interaction (F (2, 8189.1) = 9.44, p < 0.01) was
observed.
2
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Low-worry follow-up comparisons indicate
significant differences for Prosody-only vs.
Semantic-only (β = -40.72, SEM = 12.77, p < 0.01)
and for Semantic-only vs. Congruent (β = 38.47,
SEM = 12.44, p = 0.01). High-worry comparisons
indicate significant differences for Prosody-only vs.
Congruent (β = 86.93, SEM = 15.69, p < 0.01) and for
Semantic-only vs. Congruent (β = 58.13, SEM =
15.19, p < 0.01). The other two comparisons did not
show significant differences (p > 0.05). These
patterns suggest that lower worriers respond faster to
conditions containing threatening prosody (Prosodyonly and Congruent), but higher worriers respond
faster to the Congruent condition only.
Experiment-1's accuracy results, computed from
the best fit model (R² = 0.14), showed the following
relevant effects. An Ear X Worry X Threat-direction
interaction (χ² = 13.06, p < 0.01), which suggest that
worry effects on ear advantages are driven by Threatdirection differences. Also, a Worry X Type
interaction (χ² = 16.36, p < 0.01) was observed.
Pairwise comparisons for Worry X Type showed
significant differences (p < 0.01) for all comparisons
excepting Prosody-only vs. Semantic-only at lowworry (β = -0.19, SEM = 0.11, p = 0.34).
Comparisons for Ear X Type showed a significant
difference for the low-worry left-ear vs. right-ear
comparison (β = 0.78, SEM = 0.11, p < 0.01), but
showed no difference for the same comparison at
high-worry (β = -0.01, SEM = 0.14, p = 0.88). This
suggests that participants were more accurate at
recognizing Congruent stimuli, but high-worriers
were much less accurate exclusively for Prosody-only
(see Figure 1).

differences only for Direct-threat: low-worry vs.
high-worry at the right ear for Prosody-only (β = 264,
SEM = 92.51, p < 0.01), and low-worry vs. highworry for Semantic-only at the left ear (β = 194.37,
SEM = 92.44, p = 0.03) and right ear (β = 194.26,
SEM = 92.34, p = 0.03). This suggests that higherworriers were generally faster when answering to
Prosody-only stimuli presented at their right ear, and
also faster when answering to Semantic-only at both
ears (when compared to Prosody-only).
Experiment -2's accuracy analysis, computed from
the best fit model (R² = 0.07), showed several
interactions. An Ear X Worry X Type interaction (χ² =
7.78, p = 0.02) and an Ear X Type X Threat-direction
interaction (χ² = 25.7, p < 0.01) are the most relevant.
Follow-up comparisons for Ear X Worry X Type
show a significant difference for high-worry for
stimuli presented at the right ear for Prosody-only
(β = -0.9, SEM = 0.16, p < 0.01) and Semantic-only
(β = -1.2, SEM = 0.16, p < 0.01) when compared to
Congruent stimuli. At the left ear all differences were
significant (p < 0.01), excepting low-worry for
Prosody-only vs. Congruent (β = -0.5, SEM = 0.2, p
= 0.11) and high-worry for Prosody-only vs.
Semantic-only (β = 0.03, SEM = 0.14, p = 0.9). When
comparing right vs left ear, the only significant
difference was for low-worry and Semantic-only (β =
-0.62, SEM = 0.18, p < 0.01).
This, as illustrated in Figure 2, indicates that lowworriers were more accurate for all stimuli types at
their right ear, while at their left ear they were more
accurate for Prosody-only and Congruent stimuli.
When comparing left vs. right ears, only low-worriers
were more accurate for their right ear, and only for
Semantic-only stimuli. Caution is required due to
model’s low effect size.

Figure 1: Experiment-1 Worry X Type interaction.
Shadows indicate SEMs.

Experiment-2's RT results, computed from the
best fit model (R² = 0.37), showed an Ear X Worry X
Type X Threat-direction interaction (F (2, 9691.6) = 3.43,
p = 0.03). Follow-up comparisons showed significant

Figure 2: Experiment-2 Worry X Ear X Type interaction.
Shadows indicate SEMs.
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4. DISCUSSION
Overall, present study’s hypotheses were not
thoroughly confirmed due to some of the fine-grained
patterns of differences we observed. Unexpectedly,
for Experiment-1, lower RTs were associated with
higher-worry, and lower accuracy with Prosody-only
stimuli overall. However, the Ear X Worry X Threatdirection interaction was partially consistent with our
predictions, in that direct-threat induced an accuracy
LEA for both high and low worriers, which was
reduced for high worriers in indirect-threat.
For Experiment-2, also unexpectedly, highworriers reacted faster than low-worriers for
Semantic-only stimuli in the direct-threat condition.
High-worriers also answered less accurately than
low-worriers for Prosody-only stimuli. Although we
had predicted an enhanced LEA for high-worriers in
the prosody-only condition, instead we found that
only low-worriers showed a REA for Semantic-only
stimuli. Despite these unexpected patterns, the
Threat-direction X Ear X Type interaction is consistent
with our predictions, in particular a prosody LEA for
direct-threat regardless of anxiety level.
Although these patterns are somewhat
inconsistent with our general predictions, they still
suggest that online vs. delayed responses differ for
prosody and semantics. In addition, they indicate that
worry-level (trait anxiety) can affect processing of the
informational features of speech, consistent with
multistep models of emotional language processing
[17], and multistage models of anxiety [16].
Nevertheless, explaining these unexpected
patterns requires some reinterpretation of how
anxious laterality patterns interact with language
laterality patterns. First, present results indicate that
in Experiment-1, where participants must delay
responding, laterality effects are mainly associated to
threat-direction [11, 12], rather than directly
associated to the informational features of speech.
However, it is possible that delayed evaluative
responses by high-anxious participants, with
increased activity at LH [13], tend to interfere more
with prosody. Considering that all participants were
right handed, responses to threatening prosody might
require RH to LH transferring from mid to late stages
before response, a mechanism that could explain
simultaneously slower RTs and lower accuracy. This
is consistent with the callosal relay mechanism
proposed by dynamic models of dichotic listening [8,
27]. It is also consistent with LH to RH transfer as
proposed by multistep models [17]; which could
explain the better performance for Semantic-only
stimuli. This may also be associated with an
additional decision-making/goal-engagement stage
discussed in the anxiety literature [9, 16], not
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discussed in language processing models, but
compatible as a stage following or derived from
evaluative processing.
For Experiment-2, in which participants were
under time pressure to respond (online responses),
high-anxious participants were generally faster but
less accurate for all stimuli but Congruent sentences.
This pattern of results is consistent with a double
mechanism of apprehension and arousal for trait
anxiety associated to high worry [9, 28]. From a
perspective of multistep models this would imply
over-attention to threat at early stages [16, 17],
inducing a right lateralized pattern [9], and overengagement with threat at later stages [16, 17],
inducing a shift to a left lateralized pattern [9].
This would explain why high-worriers tend to be
less accurate for both Prosody-only and Semanticonly stimuli. As they might be prone to over-attend
early and easily recognisable Prosody-only stimuli,
inducing higher rate of false alarms; or to overengage with harder to recognize Semantic-only
stimuli, inducing a higher rate of misses. However,
better temporal resolution is required to confirm this
interpretation, including electroencephalographic
(EEG) measures of experiments with or without
dichotic listening.
Regarding low-worriers, however, they did show
a diminished LEA for Semantic-only stimuli. This
might simply confirm a dynamic processing of
dichotic listening involving callosal transfer [14], as
Semantic-only stimuli might require LH assessment
before emotional evaluation [17]. This effect might
not be present in high-worriers, as they might engage
faster into an emotional evaluation stage [29], which
is supported by their faster responses.
Previous evidence suggests a right lateralized
pattern for prosody vs. semantic evaluation in an EEG
experiment (not considering anxiety), using a
congruency but non-dichotic task [15, but see: 30].
Although this pattern is explained by the strong
association between pitch recognition and RH
engagement [15, 6], there are other frequency and
spectral features [1, 6, 21, 23, 24], that might be
important for recognizing both threatening and
neutral sentences. Further research is required to
know whether these mainly engage RH processing in
a way that can be influenced by trait anxiety.
Taken together present experiments show that
high-worry (trait anxiety) can affect the processing of
semantic and prosodic threatening stimuli. In
addition, evaluation time seems to play a relevant role
in threatening speech recognition. However, results
indicate that current predictions need to be
reconsidered and further research, including the use
of electrophysiological measures, is required to fully
understand this phenomenon.
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ABSTRACT

This study explores how prosodic boundaries and
morpho-syntactic modification marker [ɛ 0]
determine the occurrence of Taiwanese Min sandhi
and juncture tones. Juncture and sandhi tones from a
TaiMinSS corpus were investigated involving forty
female and male speakers above forty or under thirty
years of age from six dialect regions. Unlike the
syntactic approach which claims that only juncture
tones occur before modification marker [ɛ 0], the
results in this study confirmed that both sandhi and
juncture tones occur before [ɛ 0]. More juncture than
sandhi tones before [ɛ 0] were found. However, there
were more juncture tones than sandhi tones before a
strong prosodic boundary, including ip and iP
boundaries, but more sandhi tones than juncture tones
before lower level of boundaries, including syllable
and word boundaries in the prosodic hierarchy. In
short, the interface between morpho-syntax and
prosody determines juncture tone production.
Keywords: tone sandhi rules, Taiwanese Min,
spontaneous speech corpus, prosodic boundary.
1. INTRODUCTION
Adult speech segmentation relies on rhythm [1],
syntactic structure and function words. A tone sandhi
group (TSG) is a language-specific rhythmic unit
observed in Taiwanese Min and, to date, its prosodic
nature has not been investigated fully.
In Taiwanese Min, the domains of tone TSG are
signalled by juncture tones. Juncture tones surface at
the domain-final position preceding a TSG boundary.
Moreover, juncture tones are identical to the
underlying phonemic tones, thus juncture tones are
assumed to be the canonical forms.
When several tones come together in a word or a
phrase, the surface tone may change, this is identified
as tone sandhi. At the non-final position of a TSG,
sandhi tones surface according to the chain shift
sandhi rules: 55, 13 ® 33 ®31 ® 53 ® 55, 3 ® 5
® 3, and 55, 53 ®13 ®31. For example, in /pɛʔ5
tsai31 lɔ53/ [pɛʔ3 tsai31 lɔ53] “cabbage stew,”白菜
滷, the syllable /tsai31/ [tsai53] surfaces with a sandhi
tone, whereas the syllable /lɔ53/ [lɔ53] surfaces with
a juncture tone. However, in /lɔ53 pɛʔ5 tsai31/ [lɔ55
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pɛʔ3 tsai31] “stew cabbage,” 滷白菜, the syllables
/lɔ53/ and /tsai31/ and surface with sandhi tone [lɔ55]
and juncture tone [tsai31] and, respectively. The
production of juncture and sandhi tones is determined
by TSG domains. The surface tone values may
change according to the syllable positions in a TSG
domain.
1.1. Morpho-syntactic modification marker [ɛ 0]
Previous studies have explored the occurrence of
juncture tones before TSG domains using a syntactic
approach based on short written sentences. These
studies have proposed that juncture tones occur at the
right edges of XP’s, which act as arguments or
adjuncts [8, 9, 10, 11]. Moreover, only juncture tones
were found to occur before morpho-syntactic
attribute marker “的” [ɛ 0] in a nominal phrase [XP ɛ
YP] [11]. The number “0” represents a neutral tone.
For example, the noun /hai53 bĩ55/ “seashore” 海邊
followed by the modification marker [ɛ 0] 的 modify
the following noun / tsʰu 31/ “house’ 厝 to form
/hai53 bĩ55 ɛ0 tsʰu31/ [hai55 bĩ55 ɛ0 tsʰu31] “beach
house.”海邊的厝
However, these syntactic theories were not
supported by the spontaneous corpus of children. It
is found that children are tuned to language-specific
rhythm early in life [12] and may use a preliminary
syntactic structure, along with phrasal prosody, to
initiate the crucial segmentation process. The
spontaneous production of two two-year olds in the
Taiwanese Child Language Corpus revealed
discrepancies between the XP domains proposed in
existing syntactic theories [13]. Since there were no
adult spontaneous speech corpora available at the
time, it is unclear whether the discrepancies were due
to the limitation of syntactic theories or to the
incomplete acquisition of the tone sandhi group
domain by children.
1.2. Prosodic boundary and juncture tone
Since morpho-syntactic theory cannot explain the
occurrence of juncture tones in the spontaneous
corpus, some experimental studies were conducted.
Results of these experimental studies have found that
(a) juncture and sandhi tones are not fully neutralized,
(b) TSG boundaries differ from syllable, word,

intermediate phrase (ip) and intonation phrase (IP)
boundaries, and (c) a TSG boundary is not part of the
prosodic hierarchy [2, 3, 4, 5, 6].
Previous prosodic studies have shown that
canonical forms tend to occur before or after strong
prosodic boundaries [2, 4, 7]. Following the
assumption that the juncture tone is the canonical
form, this study investigated whether a juncture tone
occurs more often than a sandhi tone before stronger
prosodic boundaries, including ip and IP boundaries,
and whether sandhi tone occurs more often before
syllable and word boundaries.
Since Taiwanese Min under the influence of its
lingua franca, Taiwan Mandarin, is undergoing many
sound changes, this study
also attempted to
determine whether or not juncture tone production
before a morpho-syntactic marker and prosodic
boundaries varies according to age, gender and
dialect regions.
In summary, by using an adult spontaneous speech
corpus involving Taiwanese Min (TaiMinSS,
www.taimin.tw), this study sought to explore the
effect of modification marker [ɛ 0] and prosodic
boundary on juncture tone occurrence.
2. METHOD
2.1. Speakers and data recording
Spontaneous monologues were elicited from forty
speakers from six dialect regions in Taiwan: Northern
Zhangzhou (NZ), Northern Quanzhou (NQ), Central
Zhangzhou (CZ), Central Quanzhou (CQ), Southern
Mixed (SM) and Yilan (YL) (Table 1).

Area

Table 1: Speaker backgrounds.
F
>40
<30
NZ
2
1
NQ
2
2
CZ
1
2
CQ
2
1
SM
2
2
YL
2

M
>40
2
2
2
3
2

<30
2
2
2
2
2

During a thirty-minute recording, speakers
introduced their home town, profession, hobby, and
favorite food. The recordings were conducted either
in the phonetic lab at National Chiao Tung University
or in quite rooms in the homes or offices of the
subjects. A TEV Tm-728 II microphone was used
along with a Korg MR-1000 digital recorder to
capture the speakers at 16 bits and 44.1kHz. The
digital sound files were then transferred from the
digital recorder to servers and further divided into
seven or eight small sound files for speech annotation
using Praat.
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2.2. Corpus
The spontaneous monologues were transcribed using
Praat at nine interval tiers: an utterance tier with
SAMPA symbols for each syllable; an orthography
tier with Chinese characters according to a dictionary
[14] ; a word tier with SAMPA symbols parsed for
each word; an underlying tone tier with dictionary
tones; a surface tone tier with actual tones produced;
a syllable tier reflecting the actual segmental
pronunciations; and a segment tier with vowel and
consonants individually aligned to the wave forms
and spectrograms.
There was also a linguistic tier tagging of the code
switches, loan words, and syllable contractions. In
the miscellaneous tiers information such as
disfluency, laughing, coughing, throat clearing, and
ambient noises were tagged.
In the break tier, there were seven types of break
indices:‘0’ for syllable contractions; ‘1’ for syllable
boundaries;‘2’ for word boundaries; ‘3’ for sentence
internal pauses with neither final lengthening nor f0
lowering or f0 rest; ‘4’ for truncated sentences with
neither final lengthening nor f0 lowering before the
pause, but f0 reset after the pause; ‘5’ for ip
boundaries; and ‘6’ for IP boundaries.
In total, there were 37,589 utterances containing
164,782 words. Among the three manually checked
tiers, more than half (65.47%) of the surface tones and
52.52% of the breaks were tagged by two transcribers.
The inter-transcriber agreement rate was 89.81 % for
the surface tone tier and 95.66 % for the break tier.
2.3. Data analysis
After removing the syllables with disfluency, laughter,
coughs, throat clearings, ambient noises, code
switches, syllable contractions and loan words, there
were 182,472 syllables carrying sandhi, juncture and
neutral tones.
The number of sandhi, juncture, and neutral tones
before syllable, word, ip and IP boundaries were
analysed. Logistic mixed effect regression models
were conducted to analyse any impact of age, gender
and dialect region on the juncture to sandhi tone ratios
before syllable, word, ip and IP boundaries.
Furthermore, the numbers of sandhi and juncture
tones before syntactic modification marker “的” [ɛ 0]
were analysed, as well as the juncture and sandhi tone
ratios before modification marker “的” [ɛ 0] followed
by syllable, word, ip and IP boundaries.
3. RESULT
3.1. Juncture tones and prosodic boundaries
The results of a Chi square analysis found that
prosodic boundaries had a significant effect on the

number of juncture tones (p< .001). Thus, the data
were further divided according to prosodic
boundaries.
As shown in Figure 1, there were more sandhi
tones than juncture tones before syllable and word
boundaries. There were more juncture than sandhi
tones before ip and IP boundaries. Using the juncture
to sandhi tone ratio before syllabic boundary as the
baseline data, the logistic mixed effect regression
models (boundary) revealed that the juncture to
sandhi tone ratios increased significantly from word
boundary (b=1.555, p< .001) to ip boundary
(b=3.097, p< .001) and finally to IP (b= 2.729,
p< .001) boundaries (Table 2).
Figure 1: Numbers of sandhi, juncture and neutral
tones before syllable, word, ip and IP boundaries.

However, before a syllable and ip boundaries, the
model including age and dialect region did reveal a
better fit. Following the results of the Chi-square
analysis, two further logistic mixed effect models
with speakers as a random factor were used to explore
the effect of age and dialect region on the
juncture/sandhi tone ratios before syllabic and IP
boundaries. The results revealed that before a
syllabic boundary, the Southern Mixed speakers and
speakers over forty years of age produced
significantly fewer juncture tones. However, before
an IP boundary, the Northern Zhangzhou speakers
above forty years of age produced significantly more
juncture tones than sandhi tones. In other words, the
Northern Zhangzhou and Southern Mixed dialect
speakers over forty years of age produced more
sandhi tones before a syllable boundary and produced
more juncture tones than sandhi tones before an IP
boundary than the other speakers in this study.
In sum, the number of juncture tones were
significantly higher than sandhi tones before strong
prosodic boundaries, including ip and IP. However,
before lower level boundaries such as syllable and
word boundaries, there were fewer juncture tones
than sandhi tones. It is proposed, therefore, that
prosodic boundary affects juncture tone production.
3.2. Modification Marker [ɛ 0]

Table 2: Results of a logistic mixed effect
regression model (prosodic boundary) on the
sandhi and juncture tone ratios before syllable,
word, ip and IP boundaries.
Boundary

b

Syllable
Word
ip
IP

-2.483
1.555
3.097
2.729

Std.Err Z
or
0.031
-79.96
0.019
82.65
0.041
76.16
0.024
113.02

P
<.001
<.001
<.001
<.001

In order to explore how juncture / sandhi ratios vary
according to age, gender and dialect region, the
relative importance of their impact was assessed by
comparing the full model to a smaller model using
Chi-squared statistics and p-values to determine
which model provided the better fit (Baayen, 2008).
The results of the four Chi-squared statistics for
syllable, word, ip and IP boundaries found the
inclusion of age, gender and dialect region did not
show a better fit before word and ip boundaries.
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Lin [10] has proposed that juncture tones occur before
morpho-syntactic modification marker [ɛ 0]. This
study investigated the spontaneous monologues in
TaiMinSS with regards to this proposition.
In total there were 4, 756 tokens of [ɛ 0], including
no [ɛ 0] before a syllable boundary, 3644 tokens of [ɛ
0] before word boundary, 205 tokens of [ɛ 0] before
ip boundary and 907 tokens of [ɛ 0] before IP
boundary. The results of a Chi square analysis found
a significant effect of prosodic boundary on the
number of juncture tones (p< .001). Thus, the data
were further divided according to prosodic
boundaries.
As shown in Figure 2, there were significantly
more juncture tones before word, ip and IP
boundaries. According to results of logistic mixed
effect regression models (boundary) with speakers as
the random effect and the juncture to sandhi ratios
before word boundary as the baseline data, the
juncture to sandhi ratios increase significantly before
ip (b= .443, p< .05) and IP (b= .281, p< .01)
boundaries (Table 3).
Figure 2: Numbers of sandhi and juncture tones
before modification marker [ɛ 0] followed by syllable,
word, ip and IP boundaries.

modification marker [ɛ 0] interact to determine
juncture tone production.
The occurrence of juncture tones increases as the
strength of the prosodic boundaries increases. With
reference to morpho-syntactic effects, there were
significantly more juncture tones than sandhi tones
before [ɛ 0] followed by word, ip and IP boundaries.
Both juncture and sandhi tones were found to occur
before modification marker [ɛ 0].
4.1. Sound changes in sandhi and juncture tones

Table 3: Results of logistic mixed effect regression
model (prosodic boundary) on the sandhi and juncture
tone ratios before modification marker [ɛ 0] followed
by syllable, word, ip and IP boundaries.
Boundary
Word
ip
IP

b
.855
.443
.281

Std.Error
0.076
0.181
0.087

Z
11.307
2.446
3.218

P
<.001
<.05
<.01

However, a comparison across all speaker groups of
different ages, genders and dialect regions revealed
that the occurrence of juncture tones produced by
younger speakers is less likely to be influenced by
either prosodic boundaries or modification markers.
It is, therefore, on the basis of the 25.659% of juncture
in the current study, proposed that the predominant
occurrence of sandhi tones (74.392 %) in the nonfinal positions of tone sandhi groups would yield
more exemplars of the sandhi forms of the same
morpheme. Taiwanese Min maybe undergoing a
period of sound change during which young speakers
are producing more sandhi forms across prosodic
boundaries and before modification marker [ɛ 0].
4.2. Prosodic and Morpho-syntactic interface

To explore the effect of age, gender and dialect
region on the juncture to sandhi tone ratios before
word, ip and IP boundaries, three logistic mixed
effect regression models were used. The results
reveal that speakers over forty years of age produced
significantly more juncture tones than sandhi tones
preceding modification marker [ɛ 0] followed by
word (p< .001), ip (p< .05) and IP (p< .05) boundaries.
Furthermore, male speakers produced significantly
more juncture tones than sandhi tones before an IP
boundary (p< .01). In other words, speakers over
forty years of age produced significantly more
juncture tones before modification marker [ɛ 0].
In summary, there were significantly more juncture
tones than sandhi tones before modification marker [ɛ
0] across word, ip and IP boundaries. An effect of the
modification marker on juncture production was also
found. Therefore, the current findings contradict the
syntactic theory which claims that only juncture tones
can occur before modification marker [ɛ 0].
4. DISCUSSION
Based on the spontaneous monologues in the
TaiMinSS corpus, this study found significant effects
of prosodic boundaries and modification marker [ɛ 0]
on the occurrence of juncture tones. It is proposed
that prosodic boundary and morpho-syntactic
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Both prosodic boundaries and morpho-syntactic
medication markers [ɛ 0] influence the occurrence of
juncture tones to a certain extent. However, neither
of these factors can fully account for the occurrence
of juncture tones. Moreover, since the morphosyntactic marker [ɛ 0] carries a neutral tone, future
studies need to examine more syntactic particles or
markers with neutral tones before one can conclude
whether it is the neutral tone or the morpho-syntactic
property that determines juncture tone production.
5. CONCLUSION
This study used a new corpus data to access a
morpho-syntactic theory on the occurrence of
juncture and sandhi tones. The fact that juncture
tones did not always occur before modification
marker [ɛ 0], suggests that syntax cannot fully
determine the occurrence of juncture tones. Instead,
there appears to be an interaction between prosody
and the morpho-syntactic marker that affects juncture
tone production. Future studies need to explore
juncture tone production before other syntactic
markers or particles with neutral tones in order to
determine whether or not it is the prosodic neutral
tone or the syntactic property that determines juncture
tone production.
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ABSTRACT

Figure 1: Map of Japan and Yaeyama

In this study, we report the discovery of a new
word-tone type in one of the endangered Southern
Ryukyuan languages, Shiraho, spoken in Ishigaki island, Japan. From our observations, we noticed that
the tonal pattern that had been described as falling in
the previous literature may actually have conflated
two distinct tones, which correspond to two different tonal classes of the closest dialect Hateruma;
Hateruma falling tone corresponds to Shiraho falling
1 (Fa1) and rising tone to falling 2 (Fa2). In order to
confirm this, we conducted an acoustic analysis of
the recordings of 3 speakers, analyzing respectively
17, 17, and 14 words pronounced in isolation. We
measured the difference between F0 peak and average F0 of last 80ms of each word and found, for
2 speakers, a statistically significant difference between Fa1 and Fa2. Although no difference was obtained for the last speaker, further study using sentences with the target words followed by a case particle clearly showed that this speaker too possessed
the tonal distinction. These results show that Shiraho possesses two distinct falling word-tones.

ported. This is explained by the tight historical connection that the two dialects share. In 1771, after
an important tsunami almost completely wiped out
the original village of Shiraho, leaving only 28 survivors, 418 villagers from Hateruma island were resettled by order of the Ryukyuan Kingdom to rebuild Shiraho [14]. From this, we know that the two
dialects descend from a common ancestor that was
spoken only around 250 years ago.
Shiraho remains, up to this date, critically underdescribed; only one short grammatical sketch [10]
and a few studies on phonology are available [9, 13].
Shiraho is also superficially touched upon in some
studies on the related dialect Hateruma [2, 5, 11].

Keywords: Speech acoustics, speech prosody, phonetics of lesser documented and endangered languages
1. INTRODUCTION
1.1. Background information

Shiraho is a severely endangered dialect of Yaeyama
traditionally spoken in the village of Shiraho, Ishigaki Island, Okinawa Prefecture, Japan ([7] for endangerment status, see Figure 1 for location). According to the authors’ own observations, most fluent speakers of Shiraho are reckoned to be above 75,
which gives us an estimate of 147 for the number of
speakers (9.2% of the 1600 people living in Shiraho,
[4]).
Among the many dialects classified as Yaeyama,
the closest to Shiraho is that of Hateruma (Figure
2), spoken in the island of Hateruma, and the only
one with which full mutual comprehensibility is re-

1.2. Linguistic features of Shiraho

Shiraho is classified as a dialect of Yaeyama, which
belongs to the Southern branch of the Ryukyuan languages, of the Japonic language family ([12], p. 15
and Figure 2, modified from [6], p. 555). As such, it
shares many broad morpho-syntactic properties with
the other Japonic languages, namely agglutinative
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Figure 2: Yaeyama family

Figure 3: [jumi] ‘bride’ (Fa1), [mu:mu] ‘thigh’
(Fa2), [ami] ‘rain’ (speaker ) (flat) (speaker A)

Yaeyama
Northern Yaeyama

Southern Yaeyama
Hateruma

...

0.207525931
250

0.696650681

200

Sonai Ishigaki Others

Hateruma Shiraho

...

Pitch (Hz)

150

...

100
43
ju

morphology, dependent marking and SV/AOV word
order.
Just like Hateruma, Shiraho has voiceless resonants /r/, /n/, and /m/; strongly aspirated voiceless
stops; ˚
and ˚devoiced˚vowels between voiceless consonants [1, 9]. Phoneme inventory of Shiraho is
shown in (1) and (2).

u

m

i
0.6967

0.2075
Time (s)
0.0270459738
250

0.623347419

200
150

Vowels: i, 1, u, e, o, a

Pitch (Hz)

(1)

j

mi

Consonants: p, b, t, d, k, g, ts, tS, F, s, z, S, Z,
h, R, R, m, m, n, n, j, w
˚ ˚
˚
Although Shiraho and Hateruma are thought to
have separated only 250 years ago and are still to this
day mutually comprehensible, there are also notable
dialectal differences, like for example the vowel /E/,
found in Hateruma but not in Shiraho [5, 11].
(2)
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Table 1: Word tones in Hateruma & Shiraho

Hateruma

Shiraho
(Previous Studies)

Shiraho
(This study)
Falling
Falling 1 (Fa1)
Falling
Rising
Falling 2 (Fa2)
Flat
Flat
Flat
All previous studies that have dealt with the lexical word-tone system of Shiraho have independently
reached the same conclusion, namely that Shiraho
only possessed two distinctive word-tones, flat and
falling. [2, 9, 13]. On the other hand, Hateruma
has been described as having not two, but three distinctive word-tones, flat, falling, and rising [2]. According to one comparative study [2], the rising tone
found in Hateruma has merged into the falling tone
in Shiraho, while the flat tone corresponds between
the two dialects (see Table 1).
However, a naive examination of approximately
800 words recorded through our own fieldwork
in Shiraho has led us to questioning this claim.
According to the authors’ observations, monomorphemic words classified as falling in the pre-
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Time (s)

vious literature could further be classified into two
distinct classes. The words precisely corresponding to a falling word-tone in Hateruma (henceforth, Fa1) were consistently found to sound “more
falling” than those corresponding to a rising wordtone (henceforth, Fa2). For example, as can be
seen in Figure 3, [jumi] ‘bride’, which corresponds
to a falling word-tone in Hateruma, is characterized by a steep fall in pitch at the end of the word,
whereas [mu:mu] ‘thigh’, which corresponds to a
rising word-tone, does not exhibit such a steep fall
in pitch, although the overall pitch pattern can still
be described as “falling” (we also added a flat tone
word in the figure for comparison).
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Based on these observations, we formulated the
following hypothesis: the falling tone reported for
Shiraho conflates two different tones corresponding to Hateruma falling and rising tones. More
specifically, words corresponding to a falling tone
in Hateruma (Fa1) and words corresponding to a rising tone (Fa2) are distinguished in Shiraho by the
degree of fall in pitch, with Fa1 words consistently
showing a steeper fall in pitch than Fa2 words (see
model in Figure 4). In order confirm our observations, we conducted an acoustic analysis focusing
on the difference between F0 peak and F0 average
level at the end of the word.
Figure 4: Hypothesized model

2. ACOUSTIC ANALYSIS
2.1. Method

We elicited words from three speakers (speaker A
male born 1933, speaker B male born 1932, speaker
C female born 1936) during fieldwork sessions in
September and December 2018. Each word was
recorded (ZOOM H4 and internal microphone) pronounced in isolation in a quiet environment. The
speaker was asked to pronounce each word only
once, unless asked to repeat the word by the authors.
In the case several tokens were obtained for the same
word, the clearest recording was chosen.
From the elicited words, we extracted the words
that satisfied the following conditions: (1) there is a
cognate word in Hateruma, whose tone is either rising or falling; (2) mono-morphemic; (3) constituted
by 2 or more syllables; (4) beginning with a voiced
segment. We thus obtained 17 words for speakers A
and B and 14 for speaker C (see Appendix). Words
were classified into two groups based on the tonal
correspondences with Hateruma (Fa1 corresponding
to falling tone and Fa2 to rising tone). We used Praat
[3] to automatically extract the F0 peak and the average F0 of the last 80 msec of each word (see Figure
4 for the assumed model).

2.2. Results

For speakers A and B, the difference between F0
peak and F0 average of last 80 msec was significantly smaller for Fa2 words compared to Fa1 words
(two sample t-test, p = 0.045 and p = 0.006 respectively, Figure 5, 6). However, no significant
difference was observed for speaker C (p = 0.186,
7). We still found a significant difference between
Fa1 and Fa2 in the F0 average of the last 80 msec
(p = 0.016).
3. DISCUSSION
3.1. Two types of falling tones in Shiraho

The results above show that there is a clear and consistent distinction in pitch pattern between Fa1 and
Fa2 words pronounced in isolation for speakers A
and B. Fa1 words are characterized by a steeper fall
in pitch than Fa2 words.
No distinction has been found for speaker C, but
there may be several explanations for this. First, the
set of words analyzed could have been too small.
Secondly, the assumptions of our model may have
failed to fully capture the difference between Fa1
and Fa2 (although it worked well for speakers A and
B). Lastly, it may simply be the case that this speaker
does make any distinction between the two groups of
words. However, in a follow-up study with speakers
B and C, in which target words were pronounced followed by a case particle in a full sentence, Fa1 and
Fa2 words showed a clear distinction in pitch pattern
for both speakers (see [8] for details).
Since Fa1 and Fa2 classification was based on
Hateruma’s tone classes, we can confidently argue
from the results above that what had been reported
as a falling tone in Shiraho actually consists of two
different tones (as further evidence, we also found a
minimal pair [peri] ‘drought’ Fa1 vs. [pe:ri] ‘vinegar’ Fa2, elicited from speaker A).
There still remain, however, some issues concerning the defining features of Fa1 and Fa2. Although
we have showed that the two word-tones are distinguished by the scope of pitch falling (in the case of
two speakers), there still may be some other characteristic differences. For example, the first syllable of
Fa2 di-syllabic words tends to be pronounced either
with a longer vowel (as in [mu:mu] ‘thigh‘ in Figure 3), or as a heavy syllable by gemination of the
following consonant (see list in Appendix). At this
point, we do not know whether this phenomenon is
purely prosodic, caused by the superimposition of
Fa2 word-tone’s pattern, or simply lexical (i.d. underlying long vowel/geminate).

Figure 5: Speaker A

Figure 6: Speaker B

Figure 7: Speaker C

by JSPS KAKENHI grants number 18K12360 &
17H02332 and by NINJAL collaborative research
project ‘Endangered Languages and Dialects in
Japan’.

3.2. The origin of Fa2: comparison with Hateruma

Shiraho’s flat, Fa1 and Fa2 tones correspond to
Hateruma’s flat, falling and rising tones. The first
two correspondences are straightforward, but Fa2 ::
rising raises the issue of which of the two patterns is
the older one. It should be noted that Hateruma’s rising word-tone can actually be pronounced with two
different pitch patterns, LH and HLH ([2], L:low,
H:high, M:mid). On the basis of the correspondence
Hateruma HLH :: Shiraho HM (Fa2), the ‘incompleteness’ of the pitch fall observed in Fa2 as compared to Fa1 could be explained, historically, by the
fact that Fa2 originates in a rising pattern. Interestingly, it is precisely such a change that has been
proposed to explain some correspondences in tones
found in the Nothern Ryukyuan dialects ([15], p.72).

APPENDIX
• Ha: Tone types in Hateruma
• A, B, C: Speakers
Item
Meaning
Ha
uSi
‘cow’
F
amiSina ‘sugar cane’ F
˚˚
bidumu
‘man’
F
iSi
‘stone’
F
mitSi
‘road’
F
ne:ri
‘right’
F
utu
‘sound’
F
nni
‘bosom’
F
judari
‘drool’
F
duSi
‘friend’
F
iga
‘squid’
F
juda
‘branch’
F
na:bi
‘cauldron’
R
midumu ‘woman’
R
mi:su
‘miso’
R
ntta
‘soil’
R
ju:ru
‘night’
R
ba:sa
‘banana’
R
batta
‘belly’
R
na:da
‘tear’
R
nu:du
‘throat’
R
baima
‘we (excl.)’
R
ga;ja
‘thatch’
R
matta
‘crotch’
R

4. CONCLUSION
In this study, we showed that Shiraho’s falling tone
actually conflated two different tones, falling 1 (Fa1)
and falling 2 (Fa2), corresponding to Hateruma
falling and rising tones. Based on acoustic analysis,
we found that Fa1 is characterized by a steeper fall
in pitch than Fa2. We have also discussed the possibility that Fa2 originates from a rising tone, which
would explain the ‘slightly falling’ characteristic of
the pitch pattern.
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ABSTRACT
The absence of overt markings of prosodic units
between Syllable and Intonational Phrase in
Cantonese that are comparable to Tone Sandhi Group
in Wu Chinese or Accentual Phrase in Korean
presents a challenge for proposals on universal
prosodic hierarchy. This study is part of a larger effort
to address this issue. Here we report acoustic data on
/a-a/ and /i-i/ sequences in V#CV, VC#V, and
VC#CV at three levels of morpho-syntactically
defined junctures: within-word (corresponds to
Syllable boundary), across-words, and across-phrases
(corresponds to Intonational Phrase boundary). Both
/a/ and /i/ were more peripheral at postboundary than
at preboundary positions. Both vowels were also
more peripheral at higher boundaries than at lower
boundaries, in a way that is consistent with contrast
enhancement. F2 of /a/ differed significantly across
boundary conditions, thus offering evidence in favour
of prosodic constituents between Syllable and
Intonational Phrase in Cantonese.
Keywords: Cantonese; prosodic strengthening;
vowel; prosodic structure; phonetic-prosody interface
1. INTRODUCTION
Cantonese presents an interesting challenge to
theories on universal prosodic hierarchy. A
commonly posited universal prosodic hierarchy
typically
consists
of
Intonational
Phrase,
Phonological Phrase, Prosodic Word, Foot and
Syllable [24] (see e.g. [2] for alternatives); even in
more parsimonious structures, such as in [15, 24],
there are three levels of prosodic constituents:
Intonation Phrase (matches syntactic clause),
Phonological Phrase (matches syntactic phrase), and
Prosodic Word (matches syntactic word). Cantonese,
however, does not have overt markings of prosodic
constituents (e.g. the presence of a tone sandhi
group[25]) between Syllable and Intonational Phrase
[29]. Yet no study before has examined more covert
markings of prosodic constituents in Cantonese.
The current study is part of a larger project that
systematically examines phonetic cues in three levels
of morpho-syntactically defined junctures (the term
juncture is adopted to avoid a priori assumptions of
the presence of prosodic boundaries): within-word

3433

(WW), across-words (AW), and across-phrases (AP),
in order to explore the proposal that possible prosodic
constituents between Syllable and Intonational
Phrase may be phonetically distinguishable. The
specific phonetic correlate this study reports on is
vowel formants at these boundaries.
Discussions in literature on vowels at edges of
prosodic constituents center around strengthening,
which is defined as “temporal and/or spatial
expansion of articulation” [10, 11, 14]. Further,
strengthening
(of
vowels)
is
oftentimes
predominantly associated with the domain-initial
(postboundary) position, while the domain-final
(preboundary) position is described as characterized
by lengthening (without much discussion on spatial
displacement of articulators), e.g. [9]. However, as
the definition of strengthening suggests, lengthening
may well be a corollary of strengthening, and
consequently the nature of events at pre- and postboundary positions may be the same (see [7, 8] for
discussions
on
alternative/
complementary
explanations on final lengthening).
It is in fact assumed in the task-dynamics model
under the framework of Articulatory Phonology, that
“prosodic gesture” or “π gesture” at prosodic
boundaries, which would modulate the temporal
realization of articulatory gestures before and after
the boundary, making them temporally longer and
(consequently) spatially larger and farther apart, have
the same effects on the pre- and post-boundary
positions, despite possible differences in degree or in
kinematic characteristics due to “coordination of the
π gesture with constriction gestures”[6].
There is also evidence that spatial expansion of
articulation does occur at preboundary positions. For
instance, [14] reported that preboundary /o/ has more
extreme articulation (less linguopalatal contact) at
higher boundaries than at lower boundaries. [10]
reported more extreme articulation for preboundary
vowels at higher boundaries than at lower boundaries
(significant raising in tongue height for /i/, significant
backing and lowering for /ɑ/). [10] also reported
acoustic patterns of preboundary vowels: there were
significant effects of boundary for both /ɑ/ and /i/ in
F1 and F2. It is interesting to note that in [10] the
effects of boundary on preboundary /i/ was more
robust acoustically (main effect in F2) than
articulatorily (no main effect in tongue fronting).
Moreover, [10] also reported data on postboundary

vowels, which did not show patterns of strengthening
as robust and consistent as preboundary vowels.
Since a large portion of speech perception in daily
life is performed with acoustic information only (i.e.
no visual input of articulatory movements), e.g.
phone conversations, radio and podcasts, voice-over
in dramas, understanding of boundary effects in the
acoustic dimension is indispensable to a full
understanding of prosodic grammar. Yet other than
[10], very few studies examined the acoustic
consequences
of
articulatory
strengthening,
specifically, the spatial displacement of articulators
reflected on vowel formant values (studies that
measured durational properties such as [14], and
studies that reported glottalization of postboundary
vowels, such as [16], are not of concern here). Even
fewer studies directly compared effects of boundary
on pre- vs. post-boundary positions. The current study
explores these two aspects in our examination of
Cantonese /a/ and /i/ at three boundaries (AP, AW,
WW), with the overarching goal of probing the
possible existence of phonetically distinct boundary
level(s) between AP and WW in Cantonese.
2. METHOD
Production of /a-a/ and /i-i/ sequences in
(C)V#CV(C), (C)VC#V(C), and (C)VC#CV(C)
templates (all intervocalic consonants were labial, /m,
p, ph/, to minimize influence on vowel-to-vowel
coarticulation) from six native speakers of Hong
Kong Cantonese (three females, three males; aged 2125), at three boundary levels (WW, AW, AP), with
six instances of each specification, were examined.
Altogether 2864 tokens of vowels were analyzed. All
target syllables were presented in natural sentences.
Table 1 below demonstrates one set of examples with
/tsʰi21#pit2/ as the target syllable sequence.
Table 1: Sample stimuli (only the portion
containing target sequences is shown)

juncture
within word
across words
across phrases

example
… 辭別 …
… tsʰi21pit2 …
… 保持別人 …
… pou25tsʰi21pit2jɐn21 …
… 保持，別人 …
… pou25tsʰi21pit2jɐn21 …

Burg method for formant tracking, with 50Hz preemphasis, 25ms window length, and 50dB dynamic
range. Settings for maximum formant and number of
formants were adjusted on a case-by-case basis, so as
to attain faithful tracking of the formants. Raw Hertz
data was normalized by speaker using the Lobanov
(z-score) method [18]. Normalization was performed
in R [21] using the normVowels function in phonR
package [19].
2.2. Predictions

In line with [10, 26, 27], strengthening effects, if
present, are expected to drive vowels more peripheral
in the F1-F2 space: /i/ would be higher and/or fronter,
corresponding to lower F1 and higher F2, /a/ would
be lower and possibly backer, corresponding to
higher F1 and lower F2.
Strengthening effects are expected to be stronger
at AP than at WW. If AW is a phonetically distinct
boundary level from AP and WW, strengthening
effects should follow this order (from strong to
weak): AP > AW > WW.
Pre- and postboundary positions are expected to
demonstrate the same amount of strengthening.
3. RESULTS
Four linear mixed effects models were built using the
lme4 package [1] on R [21] to estimate normalized F1
and F2 in /a/ and /i/ respectively. The base model
included boundary level (AP, AW, WW), position
(pre-boundary vs. post-boundary), and template
(V#CV, VC#CV, V#CV), as fixed effects, and byspeaker, as well as by-item random intercepts. All
categorical variables were treatment coded. Two-way
and three-way interactions among the fixed effects
were tested.
Similar procedures for model selection and posthoc pairwise comparisons were applied for all the
analyses. For lack of space, such details are reported
only for F1 of /a/. Interested readers may contact the
first author for statistical results.
3.1. F1 of /a/

2.1. Data analysis

For each disyllabic sequence, mean frequencies for
the first and second formants were measured for the
25ms portion at the end of the first vowel and the
25ms portion at the beginning of the second vowel
[20, 23]. Measurement was done in Praat [3] using the
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For F1 of /a/, in comparison with the base model, the
model with an interaction between position and
template significantly improved model fit (χ2 =
32.715, chi df = 2, p < .001) and was therefore
selected as the final model.
Post-hoc pairwise comparisons with Bonferroni
adjustments were conducted with the emmeans [17]
package on R [21] to assess main effects of boundary,
position and template. When averaged over levels of
position and template, there was an effect of
boundary: as shown in Fig. 1, /a/ was lower at higher

boundaries. (The F1 value): AP > AW (df = 740.20, t
= 2.878, p = 0.012) and AP > WW (df = 751.14, t =
5.201, p = <.0001). We also observed AW > WW, but
the difference was not significant.
There was also an effect of position: /a/ was lower
in postboundary than preboundary position (df =
745.14, t = 6.455, p <.0001).
To explore the two-way interaction between
position and template, post-hoc pairwise comparisons
at each level of specification (e.g. comparing F1 in
postboundary vs. preboundary vowel in V#CV) with
multivariate t ("mvt") adjustment were conducted
with the emmeans [17] package on R [21]. /a/ was
lower at postboundary than at preboundary position
in all three templates, but the difference was
significant only in VC#V (df = 745.14, t = 8.278, p <
.0001).
Figure 1: Effects of boundary on /a/

3.2. F2 of /a/

There was an effect of boundary, though not in the
expected direction: as shown in Fig. 1, /a/ was fronter
at higher boundaries. In terms of F2 value, AP >AW
(df = 743.59, t = 3.886, p = 0.0003) and AP > WW
(df = 744.91, t = 6.491, p = <.0001), AW > WW (df
= 743.87, t = 2.478, p = 0.040).
There was also an effect of position: /a/ was
fronter in postboundary than in preboundary position
(df = 740.78, t =4.176, p <.0001).
Pairwise comparisons revealed that the effect of
boundary was consistently found across templates. It
was most prominent in V#CV, with significant
distinctions showing F2 from high to low followed
the order AP >AW >WW (AP – AW: df = 745.36, t
= 4.078, p = 0.001; AP – WW: df = 746.11, t = 7.459,
p <.0001; AW – WW: df = 742.78, t = 3.063, p =
0.034). Data on VC#CV and VC#V followed the
same patterns, but only the contrast AP – WW in
VC#V was statistically significant (df = 741.37, t =
3.552, p = 0.007).
Significant effects of position were found across
templates: /a/ was significantly fronter in
postboundary than in preboundary position in
VC#CV (df = 740.78, t =2.877, p = 0.031), which is
shown in Fig. 2, and in VC#V (df = 740.78, t = 7.914,
p <.0001), but it was significantly backer in
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postbundary than in preboundary position in V#CV
(df = 740.78, t = -3.729, p = 0.002).
Figure 2: Effects of position on /a/ and /i/

3.3. F1 of /i/

As shown in Fig. 3, there was no effect of boundary.
There was, however, an effect of position: /i/ was
significantly higher in postboundary than in
preboundary position (df = 691.54, t =-6.905, p
<.0001). This pattern was consistently attested across
template conditions, but the differences were
statistically significant only in VC#CV (df = 691.54,
t = -4.374, p = 0.001) (illustrated in Fig. 2) and VC#V
(df = 691.54, t = -6.639, p < .001).
The effect of position was also consistently found
across boundary conditions: postboundary /i/ was
significantly higher than the preboundary /i/ at AP
and AW, but not at WW (AP: df = 691.54, t = -6.526,
p < .0001; AW: df = 691.54, t = -2.883, p = 0.0319;
WW: df = 691.54, t = -2.499, p = 0.091).
Figure 3: Effects of boundary on /i/

3.4. F2 of /i/

The pattern with regard to boundary was in the
expected direction: /i/ was fronter at higher
boundaries: AP > AW > WW, but the main effects
were not statistically significant. In further pairwise
comparisons, significant boundary effects were found
for the preboundary vowel in V#CV: /i/ was
significantly fronter at AP than at lower boundaries:
AP > AW (df = 690.02, t = 4.478, p = 0.0004), AP >
WW (df = 691.16, t = 4.810, p = 0.0001)
Again, there was an effect of position: /i/ was
fronter in postboundary than in preboundary position
(df = 687.63, t =14.949, p <.0001). Further breakdown of data showed that the pattern was significant

at all boundary levels for VC#CV and VC#V (all p <
.0001), and at AW boundary for V#CV (p = 0.008).
4. DISCUSSION
The current study examined F1 and F2 of /a/ and /i/
in /a-a/ and /i-i/ sequences in V#CV, VC#V and
VC#CV at three boundaries (WW, AW, AP).
Regarding the acoustic manifestation of
strengthening, our results were partially consistent
with [10], which reported acoustic strengthening of
/ɑ/ as lower and backer (higher F1, lower F2) and /i/
as fronter (higher F2) at higher boundaries than at
lower boundaries. In our data, the strengthening of /a/
fleshed out differently: /a/ at higher boundaries (e.g.
AP) was not only lower but also fronter than at lower
boundaries (e.g. WW). While it is possible that
strategies for strengthening may differ crosslinguistically depending on language-specific
phoneme and contrast inventories [12], it is important
to note that the English /ɑ/ is a back vowel, but the
Cantonese /a/ is central [30]. In light of contrast
enhancement (e.g. [10]), further backing the English
/ɑ/ would enhance the contrast between [+back] and
[-back], but moving the Cantonese central /a/ backer
does not enhance [-back], despite the fact that backing
would facilitate its distinction from /i/ (as it is backer
relative to /i/ in the vowel space). Thus, /a/ in
Cantonese is strengthened in a way consistent with
the [-back] feature (i.e. moving fronter). Our results
lend support to the view that prosodic strengthening
serves to enhance contrasts, in particular, the contrast
of distinctive features.
In terms of boundary effects, distinctions between
AP and WW were repeatedly attested. Both /a/ and /i/
in our data were more peripheral at AP than at lower
boundaries, which corroborates findings in previous
literature, e.g. [10, 14], and highlights the contrast
between AP and lower boundaries.
More importantly, there was an indication of
prosodic grouping(s) between the level of AP and
WW. F1 and F2 of /a/ showed layered differences
between AP, AW, and WW; the differences in F2 was
statistically significant. F2 of /i/ also showed a similar
pattern, though the differences were not statistically
significant. These results, along with the observation
in [28] that speakers merge highly frequently cooccurring syllables in casual and fast speech through
a prosodically-driven process, argue in favour of the
existence of intermediate groupings between WW
and AP, which could correspond to prosodic units
between Syllable and Intonational Phrase.
Relatedly, /a/ in our data appeared more flexible
than /i/ was, as /a/ showed consistent and significant
effects of boundary strengthening, while although the
differences on /i/ were in the predicted direction, they
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did not reach statistical significance. This is in
keeping with the observation in literature that /i/ is
more resistant to strengthening effects [27] and
coarticulation [22] than /a/.
With respect to pre- and postboundary positions,
our results indicate that those positions are different,
which echoes findings from [5, 8], e.g. [5] reported
that articulatory movements in terms of time-to-peakvelocity and spatial displacements were more
consistent at the postboundary position than at the
preboundary position. In our data, effects of
strengthening were stronger on postboundary
position than on preboundary position. The
observation that /a/ was backer in postboundary
position than preboundary position in VC#V but
fronter in postboundary than in preboundary position
in VC#CV (section 3.2) may at first glance seem to
indicate a lack of consistency in the effects of position.
However, considering that the syllabification was
different across templates: in VC#V, the second
vowel was strictly adjacent to the boundary, hence
subject to stronger strengthening effects than vowels
in #CV or VC# [4, 6, 10, 13], it is not surprising that
the second vowel in VC#V was pronounced with
more extreme articulation than the first vowel. Such
confounds that stem from whether V being strictly
adjacent to the boundary or not, would be mitigated
in VC#CV. VC#CV in our data indeed showed effects
of position: as shown in Fig. 2, the postboundary /a/
in VC#CV was fronter than the preboundary one, the
postboundary /i/ in VC#CV was higher and fronter
than the preboundary /i/. Such asymmetrical effects
call for different treatment of pre- vs. post-boundary
positions in models of speech articulation, e.g. [6].
Finally, it is worth noting that the current study has
focused on the spatial aspect of strengthening. For a
more comprehensive understanding of strengthening,
future studies may incorporate the temporal aspect.
5. CONCLUSION

Through close examination of /a-a/ and /i-i/
sequences in Cantonese at three juncture levels, we
showed that the prosodic strengthening drives /i/
fronter, /a/ lower but also fronter. The strengthening
effects were stronger at higher boundaries than at
lower boundaries, and stronger in postboundary than
in preboundary position. The result that F2 of /a/
differed significantly across boundary conditions
offered tentative evidence in favour of prosodic
constituents between Syllable and Intonational
Phrase in Cantonese. Our findings contribute to the
understanding of acoustic manifestation of prosodic
strengthening, contrast enhancement, asymmetric
roles of pre- and post-boundary positions, and the
prosodic structure of Cantonese.
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ABSTRACT
This paper investigates the tonal realization of the
particle na in the West African tone language Akan.
It features lexical as well as grammatical tone. In
previous linguistic studies, na as focus marker has
been analyzed as low (L), na as an element that
affects the logical or temporal interpretation of
complex sentences as high (H). For the present
purposes, eight speakers of Akan read a number of
sentences containing na either as a focus or as a
narrative marker. We further distinguished (1) the
focus na occurring in questions and (2) the narrative
na occurring sentence-initially and sentencemedially. Results of acoustic measurements indicated
that the tone of na as a focus marker is low. For the
particle’s function as a narrative marker regardless of
its position, both H and L tones were measured. Thus,
these results do not support the assumption of a high
tone na.
Keywords: Akan, tone, focus, narrative particle
1. INTRODUCTION
Akan is a well-studied language with respect to its
grammar as well as its tonal structure, including the
interaction of tone and intonation structure. A
summary of previous work on Akan tone and
intonation can be found in Kügler [8]. In linguistic
studies of Akan, the particle na has been associated
with two tones allegedly representing two different
grammatical functions. Nà with a low tone has been
analyzed as focus marker, while ná with a high tone
has been analyzed by Boadi [2, 3] as an element that
effects the logical as well as the temporal
interpretation of a complex sentence. The present
study presents a phonetic pitch analysis of na in its
two main grammatical functions as a focus and a
narrative marker (for the latter function, see [10]).
Our work is based on an Akan text corpus of 7943
phrases corresponding to 97138 word tokens created
by Beermann and Agyeiwaa [1]. The corpus is not
annotated for tone. While we started from the
standard categorization of a L-tone na and a H-tone
na, based on pilot studies, we revised this assumption.
For the present study, we have distinguished four
different types of na: (1) as focus marker cooccurring with a question word, (2) as focus marker
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in statements, (3) as sentence-initial narrative
particle, and (4) as sentence-medial narrative particle.
Following standard assumptions, it was postulated
that as focus marker it should have L-tone as against
H-tone when functioning as a narrative particle
independent of the context of its occurrence. Pitch
data extracted from recordings of a group of speakers
of Akan Twi were used to investigate whether this
dichotomy can be maintained.
2. METHOD
2.1. Speech material and recordings

The speech material used for the present study
consisted of 20 isolated sentences selected to contain
the particle na in its different functions. The sentences
were extracted from an Akan text corpus that consists
of orthographically transcribed utterances chosen
from different sources like radio interviews, oral
reports, etc., varying in length between 2 and 19
words [1]. Below, sentences illustrating occurrences
of different types of na will be presented in their
orthographic form, i.e. without any indication of tone.
Recordings took place in the department’s soundtreated studio using a Shure KSM44 microphone and
were stored on hard disk using 44.1 kHz sampling
frequency and 16-bit quantization. Participants read
the block of sentences printed on paper four times,
thus resulting in 80 utterances for each speaker.
2.2. Participants

A group of eight Akan Twi speaking subjects (four
females and four males) aged 23 – 28 years could be
recruited to participate in the study. They were also
speakers of at least one additional West African
language and English. All were students at the
Norwegian University of Science and Technology
and received a payment for their participation.
2.3. Tone analysis

Recordings were analyzed using the Praat [4]
program. To facilitate visual and auditory inspection,
TextGrid tiers were created indicating sentence
number, and syllable and vowel boundaries (see Fig.
1). Pitch analysis was performed using Praat’s
autocorrelation method with speaker-dependent
adjustments to optimize results. Pitch contours were

smoothed and hand-corrected where appropriate.
Measuring points selected to represent tones were
determined after careful auditory evaluation and
involved the syllabic nucleus in na (Fig. 1: a*;
henceforth called target) and the vowels in the
preceding and/or following context (for sentencemedial and -initial na, respectively).
Figure 1: Waveform, annotation and pitch contour
of relevant syllables in Enti ɛhemfa na paapa
akɔhye? (‘Where could dad be?’).

3.21
m

fa

na

paa

a

a*

a

a*

pa
aa

aa

f0 [Hz]

350

100
372

Time [s]

(Qin2) Na adԑn?
‘What is it?’
From the analysis results for the three sentences
presented in Figure 2 it can be seen that the particle’s
tone generally lies lower than its context. Whereas in
Qin1 some of the sentence-initial na tokens had
virtually the same height as the following vowel,
tokens in Qin2 appeared to lie clearly lower (on
average -5.2 st vs. -2.5 st in Qin1). Still lower values
were found for the particle in sentence-medial
position (Qmed: -6.3 st). Unsurprisingly, testing the
three observed distributions pooled together against a
value of 0 st revealed a highly significant effect (t(94)
= -18.9; p < 0.001). The data revealed a weak
tendency for na at later positions in the utterance to
have a lower tone value (Pearson product-moment
correlation coefficient across the three sentences r =
0.590; N = 95; p < 0.001).
Figure 2: Relative height of tonal target in
sentence-initial (Qin) and sentence-medial (Qmed)
na in questions.
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Relative tone height was determined by extracting
measuring points’ f0 values expressed in semitones re
100 Hz. For sentence-initial na, f0 height was
calculated as the difference between the value for the
target and that for the following vowel. Calculation of
relative target height for sentence-medial na was
more complicated. If both abutting vowels had either
higher (Fig. 1) or lower f0 values than the target, the
relative value for the latter was defined as the mean
f0 difference between the value for the target and
those for the abutting vowels (see Figures 2, 3, 5 and
6). If the three measuring points had monotonically
rising values, the target value was considered a rise
with the preceding one as a reference. Relative height
of the target was thus calculated as the difference
between its f0 value and the one of the preceding
point, leaving the third point out of the calculation
(see Figures 4 and 7). Similarly, a target in the course
of a monotonic fall was calculated with the preceding
one as a reference. In addition, the relative position of
the target within the rise/fall was expressed in percent
of rise/fall range.
3. RESULTS
3.1 Na as focus marker co-occurring with a question
word

Three of the 20 recorded sentences contained na cooccurring with a question word. Sentence-medial na
occurred together with ɛhemfa (‘where’) in Enti
ɛhemfa na paapa akɔhye? (see Fig. 1; Qmed in Fig.
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3.2 Na as focus marker in statements

The present speech material contained relatively
many na particles that were categorized as focus
marker. An example of this type is (F7), where na
gives prominence to ansa (‘before’):
(F7) Dumdum nkanea no ansa na wͻada.
‘Turn off the light before you sleep.’
Figure 3 depicts occurrences of tokens where both
preceding and following segments had either higher
or lower f0 values. Almost all of them appeared to
have a lower tone than the surrounding context (on
average -4.7 st, significantly different from 0 st;
t(135) = -26.7; p < 0.001). The highly positive
exception of +8.9 st (F 6) may be explained by the
following pause made by the speaker.

Figure 3: Relative height of tonal target in na as focus
(F) marker in statements.
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Figure 4: Relative height of tonal target in na as
focus (F) marker in statements occurring in falling
contours.
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3.4 Na as narrative particle in sentence-medial
position

F5

Figure 6: Relative height of tonal target in
sentence-medial narrative particle (Nm) na.
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(Nm5) Sͻre na ka asԑm ko no kyerԑ me.
‘Stand up and tell me!’
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Seven occurrences involved narrative particle na in
sentence-medial position. An example involving na
translated as ‘and’ indicating two overlapping (‘Stand
while talking to me’) or two events following each
other is denoted as Nm5 in Figure 6:
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80

Figure 5: Relative height of tonal target in
sentence-initial narrative particle (Nin) na.
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All other tokens of na as focus marker were found
in falling contours. As can be seen from the top left
corner in Figure 4, only five occurrences did not
include a substantial fall from the preceding vowel to
na. Those particles’ tone was not more than about 1 st
lower. Additionally, their values were in the upper
part of the fall’s range (> 73 %). The majority of na
target values had a relative fall of 3 st and more
(indicated by a dotted line; this criterion has been
chosen as a lower boundary for the pitch fall to
become perceptually relevant; cf. ʼt Hart [5]; see also
section 4 Discussion). All selected values appeared to
lie towards the lower end of the range of the fall, from
approximately 40 % to almost 0 %. Therefore, they
can be considered to represent a low tone.
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3.3 Na as narrative particle in sentence-initial position

In three of the present sentences, narrative particle na
occurred in initial position. In Nin1 (Fig. 5) it
connects the statement that follows to the preceding
discourse:
(Nin1) Na ne nsԑm no, ne nteaseԑ tͻ sini ma me
kakra.
‘To me his comment on this issue was not
straight forward.’

Target height re context [st]

Target height re context [st]

16

Results for all three occurrences of narrative particle
na in sentence-initial position were ambiguous (Fig.
5). The particles shared the property of being
sentence-initial with Qin1 and Qin2 described in
section 3.1 but had strongly varying target values.
Ranges observed were -12.0 st – +6.5 st for Nin1, 3.6 st – +10.8 st for Nin2, and -5.6 st – +14.9 st for
Nin3. Mean values for sentences Nin1, Nin2, and
Nin3 varied correspondingly (-3.1 st, 1.3 st, and 2.9
st, respectively). As a whole, the three distributions
did not differ significantly from 0 st (t(96) = 0.62; p
= 0.535).
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As shown in the figure, na’s tone was found to vary
between high and low relative to the neighboring
segments. For all sentences besides Nm7 both
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positive and negative values were observed.
Averaged across those sentences, there was no
significant difference from 0 st (t(124) = 0.30; p =
0.764).
Further, na was also found in rising as well as
falling pitch contours (closed and open symbols,
respectively, in Fig. 7). The overall picture is more
complicated than the results for na as focus marker
presented in Figure 4. Considering f0 movements <
3 st, data points for Nm1r in the lower left corner
indicate low target values. In contrast, most of Nm3f
data are in the left top corner, thus representing high
values. As to f0 movements > 3 st, mainly rising
Nm1r and falling Nm2f appear to be involved. Target
values for the former are centered around the middle
of the pitch range. This seems to suggest that the rise
is due to the following segment rather than to the tone
of na itself. Target values for Nm2f are in the lower
range (20 % - 0 %) with relatively large falls ranging
between approximately 4 st and 11 st, thus
representing na with a low tone.
Figure 7: Relative height of tonal target in
sentence-medial na as narrative particle in falling
(Nmf) and rising (Nmr) contours.
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Furthermore, the picture for na as focus marker in
statements was clear. In a considerable number of
cases, its tone was lower than that of the preceding as
well as the following vowel. The fact that in seven
sentences similar target values were measured
indicates that the results can be considered robust.
Further, focus marker na was observed in the middle
of pitch falls. Mostly, its tone was close to the next Ltone segment. This allows the conclusion that the
particle had a L-tone.
Contrary to expectations, results for na as a
narrative marker were ambiguous. This was true for
the particle occurring in sentence-initial as well as
sentence-medial position. Sentence-initially, its tone
was found to vary between higher and lower than the
following segment. Similar results were found for
narrative na in sentence-medial position. Here, in a
number of cases it also occurred in the middle of a
pitch fall or rise with largely inconclusive values. It
might be speculated that the presence of L and H
tones could be due to different sentence contexts
implying different meanings. However, na’s tone
included both negative and positive values across all
sentences. This seems to exclude the possibility of
different realizations by the readers induced by
different context conditions. At the same time, it is
thinkable that individual readers consistently had
either H-tone or L-tone realizations based on their
personal interpretation. To answer this question, we
investigated the distributions of target values for
individual speakers. It appeared that in the sentences
with na as narrative particle, only a minority (18.3 %)
of speakers had both L and H tones. Most of them
were thus consistent in their production (81.7 %,
divided into 39.2 % H and 42.5 % L). Future research
could focus on the question whether listeners
associate L-tone versus H-tone realization of the
narrative particle na with different interpretations.

4. DISCUSSION
5. ACKNOWLEDGMENTS
Acoustic analysis of the present speech material
enabled us to draw some conclusions about the tonal
properties of the particle na in its different
grammatical functions. In accordance with previous
linguistic analyses ([2, 3]), na as focus marker cooccurring with a question word appeared to have a Ltone. For sentence-medial positions, lower values
were found than for the sentence-initial condition.
Still, also a relatively small pitch rise from the target
to the next vowel in the latter condition can be
assumed to be perceptually relevant. Evidence
presented by Hsu, Evans & Lee [6] suggest that
human listeners are especially sensitive to pitch rises
in speech. This may be particularly true for native
speakers of a tone language (Krishnan & Gandour
[7]; Liu [9]).
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ABSTRACT
Different speech rates produce different effects in
syllable shortening or lengthening. These effects are
intertwined with the convergence of fundamental
frequency (F0) movements in the target
approximation (TA) model. This paper presents a
study of the effects of speech rates as time delays in
tone production that manifest in the variations of
surface F0 contours. In TA, the time delay can be
defined as an event that the actual implementation of
the pitch target is delayed in order to accommodate
the lengthening of the syllable. Results indicate
apparent effects of speech rates that can be explained
as time delays in the TA model. They also reveal
different time delay patterns comparing between
normal and weak tonal elements. This suggests the
potential mechanism of timing control of tone
production and thus allows us to generalize the
knowledge toward a general speech production
framework.
Keywords: time delays, target approximation, speech
rates, syllable lengthening, Thai tones
1. INTRODUCTION
Variations of fundamental frequency (F0) in speech
encode multiple-level of information, including
communicative meanings, expressions and emotions
[1-4]. Segmental variations occur from the distinct
articulatory control in every pronunciation [5,6]. One
of the variabilities that is critical to modeling speech
production is the effect of the speaking rate on F0
movement. A number of studies have reported the
effects of this variation in many languages, including
English [7-8], Mandarin Chinese [9, 10] and Thai
[11]. It is also closely related to syllable lengthening
and shortening [12-13].
While speaking rate has been known to affect the
F0 movement in normal and fast speech, the exact
nature of the effect is still unclear when the speech
rate become slower, causing the lenghening or delay
in articulation. Segmental anchoring of F0 movements
offers a plausible explanation of the effect of speech
rate on the F0 dynamics [14-17], but it provides no
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inner mechanism of the delay. In this hypothesis, the
rise and fall patterns of F0 movement are anchored to
specific segmental locations. Thus, as speaking rate
increases or decreases, the anchoring points would
become closer or farther apart.
While the segmental anchoring hypothesis focuses
on the alignment of the specific F0 pattern to the
segmental points, Target Approximation (TA) model
offers an explanation of how F0 movements can be
represented as the surface response to successive
pitch target implementation [18-20]. In TA, a pitch
target represents an underlying goal of the F0
movement and F0 is a result of the implementation of
the pitch targets through a third-order critically
damped linear system [18]. The TA model can
represent F0 quite accurately in speech with various
prosodic variations [19-20]. However, the model does
not include an explicit control of the F0 movement
when different speech rate is used, especially when it
is excessively slowed down.
In the present study, we explores the variability
pattern and associations that a time delay action may
cause the changes in F0 signals in relatively long
syllables. The long syllables may occur either in a
normal lengthened pronunciation or in a deliberately
slow speech. This paper aims to study the effects of
slowing down speaking rate on F0 movement and test
if there are specific patterns in the F0 contours that are
explainable by a delay action in target approximation.
This will allow us to understand more about the
manner in which speaking rate affects F0 movement.
2. METHOD
2.1 Dataset Design

The dataset was designed to elicit variations in tones,
vowels and speaking rates at three different paces
(normal, slow, and very slow). The following foursyllable sentences were recorded.
Pud2 wa2 __X__ krab3/ka1
[Say the word __X__]
where __X__ is the targeted monosyllabic word that
can be /ma/, /mi/ or /mu/, with one of the five Thai

tones. In total, there are 15 lexical combinations
created from two conditions
• Vowel: /a/, /i/, or /u/.
• Lexical Tone: Mid (M, Tone 0), Low (L, Tone
• 1), Falling (F, Tone 2), High (H, Tone 3), or
Rising (R, Tone 4).
The first and second syllables create a context
that will put the emphasis on the third syllable as the
keyword. The fourth syllable is the natural sentence
ending word. The sentence ending word differ based
on speaker’s gender.
Each sentence was spoken with three different
speaking rates: Normal, Slow A, and Slow B. For the
normal speaking rate, speakers were asked to keep
speaking rate equivalent to daily conversation speed.
For Slow A, speakers were asked to speak slower than
normal. And for Slow B, speakers were asked to
speak slower than the slowA speed.

M

L

2.2 Recording

Eight native Thai speakers, 5 males and 3 females,
participated in the study. They have no self-reported
speech and hearing disorders. The subjects were King
Mongkut’s University of Technology Thonburi
students. Sound recording was made with 44.1kHz
sampling rate and 32-bit floating point resolution.
Speakers were asked verbally by experimenter to
speak 15 sentences which were arranged in random
order. There are 3 utterances for each speech rate and
sentence combination. A total of 135 utterances per
speaker were obtained, resulting in a corpus size of
1080 utterances.
Visual inspection was made on the extracted F0
contour so that frequent-occuring features in F0
contour can be measured.

F

H

2.3 Measuring timing features

Syllable boundary marking and time-normalized F0
contour extraction were made using ProsodyPro [21]
that runs with Praat program [22]. F0 contours of the
third syllable in each sentence were analyzed and
profiled as shown in Figure 1. The timing of specific
F0 dynamic events were measured and compared
between different factors. It should be noted that
some measurements were applicable only to specific
types of tones. For example, the measurements of F0
valley and peak locations are valid only for dynamic
R and F tones, respectively. Also, the numeric
subscriptions (0 and 1) in each measurement indicates
whether the time measurement was done with respect
to syllable onset or offset. This is to see in detail the
delay that may occurs at different speaking rates.

3444

R

Figure 1: F0 dynamic measurements on Thai tones.

The first measurement is the movement start time
(Ts), the earliest time in syllable when F0 value differs
from syllable onset F0 level by 20% of the pitch range
of that syllable. This indicates the start time of current
syllable’s target approaching, as F0 moves from
syllable onset’s value to approach current syllable’s
target. The second measurement is the convergence
time (Te). This measurement applies to all static tones
(M, L and H). In TA, the target represents the F0
movement goal. So to measure this, the target level is
estimated by fitting the final one third of the syllable
with a linear regression function with relative zero
position at the end of the syllable. The intercept of the
regression is then treated as the target level. After the
target of each syllable was obtained, the time in
syllable that F0 value reach target level by a threshold
was marked as the target convergence time. The
threshold level is 20% of the syllable pitch range.
This measurement represents the time that the target
is finally approached. The third measurement is the
time of fastest F0 falling (Tf), the time with the
maximum speed of F0 drop. The forth measurement
is the time of F0 turning point (Tu), an F0 peak where
F0 movement turned from rise to fall, and vice versa.
The last measurement is deceleration time (Td), which
is the time when F0 acceleration is the highest during
the falling part of F0 contour, after which deceleration
of the fall starts. R tone is the only tone that this
feature was extracted from. Due to the preceding F
tone, F tone does not have enough rising momentum
for this measurement.
All these timing measurements were made relative
to syllable onset and syllable offset. Analysis of
Variance (ANOVA) was performed to assess the
speaking rate effects on F0 movement.
3. RESULTS
3.1 Effects of Speaking Rate on Syllable Durations

The distribution of syllable duration across tone and
speech rate is shown in Table 1, together with results
of repeated measures ANOVA. Slowing speaking
rate lengthens syllable durations for all tones. Lexical
tone does not affect the syllable duration .
Table 1: Mean of syllable duration (in seconds) as
function of speech rate and lexical tone. Values in
parentheses are standard deviation.
Tone
M
L
F

Normal
0.342
(0.076)
0.346
(0.082)
0.342
(0.081)

Speaking Rate
Slow A
Slow B
0.430
0.538
(0.095)
(0.181)
0.430
0.568
(0.106)
(0.190)
0.442
0.566
(0.096)
(0.193)

H
R
ANOVA

0.535
(0.157)
0.572
(0.207)
F=0.5471
p=0.701

F=184.4
p<0.001
F=224.1
p<0.001

Features measured on M tone are Ts and Te. Table 2
shows mean values of these features. For different
speaking rate, Ts (onset) is relaltively located at the
same location. This indicates that Ts aligns with
syllable onset and remains stable across speaking
rates. Te, however, changes with speaking rate. The
slower speaking rate delays Te, but does not align it
to syllable offset. This suggests that in slower
speaking rate, target approximation of the M tone
may start from the later part of the syllable.
Table 2: Mean time position of features found from
M tone with different speech rate (in seconds).
Value in parentheses are standard deviation.
Feature

Ts

Te

Timing
Relative
to

Normal

Slow A

Slow B

Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset

0.082
(0.027)
-0.260
(0.062)
0.217
(0.055)
-0.125
(0.048)

0.077
(0.032)
-0.352
(0.086)
0.241
(0.062)
-0.189
(0.072)

0.092
(0.052)
-0.446
(0.177)
0.282
(0.091)
-0.256
(0.174)

Speech Rate

ANOVA
Result
F=2.598
p=0.077
F=42.93
p<0.001
F=15.18
p<0.001
F=24.21
p<0.001

3.2 L Tone

Features measured on L tone includes Ts, Te, and Tf.
Table 3 shows mean values of these features across
tone and speaking rate, together with results of
repeated measures ANOVA. These meausrements
indicate that, again, Ts is similar regardless of
speaking rate. On the other hand, Te and Tf are not
aligned with either syllable onset or offset when
speaking rate changes. Slowing down speaking rate
results in the delay of both features toward the end of
the syllable.
Table 3: Mean time position of features found from L
tone with different speech rate (in seconds). Value in
parentheses are standard deviation.

Ts

Tf
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0.424
(0.103)
0.446
(0.122)
F=0.2760
p=0.894

3.1 M Tone

Feature

ANOVA
F=43.11
p<0.001
F=92.66
p<0.001
F=143.8
p<0.001

0.358
(0.082)
0.350
(0.083)
F=0.4756
p=0.754

Timing
Relative
to

Normal

Slow A

Slow B

Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset

0.098
(0.034)
-0.248
(0.067)
0.142
(0.051)
-0.204
(0.082)

0.104
(0.051)
-0.326
(0.095)
0.153
(0.076)
-0.277
(0.106)

0.133
(0.090)
-0.435
(0.189)
0.217
(0.149)
-0.351
(0.194)

Speech Rate

ANOVA
Result
F=6.278
p=0.022
F=38.21
p<0.001
F=11.48
p<0.001
F=20.64
p<0.001

Te

Syllable
Onset
Syllable
Offset

0.224
(0.060)
-0.122
(0.042)

0.263
(0.078)
-0.167
(0.074)

0.344
(0.133)
-0.223
(0.161)

F=29.42
p<0.001
F=16.63
p<0.001

Te

Syllable
Onset
Syllable
Offset

0.231
(0.114)
-0.127
(0.080)

0.316
(0.137)
-0.108
(0.074)

0.399
(0.162)
-0.136
(0.109)

F=25.94
p<0.001
F=1.811
p=0.166

3.3 F Tone

Features measured on F tone are Tf and Tu. Turning
point in F tone is the peak of the F0 contour. Table 4
shows mean values of these measurement, together
with results of repeated measures ANOVA. Tf aligns
consistently with the syllable offset, but Tu aligns to
neither syllable onset nor syllable offset. This
alignment indicates that the implementation of F tone
is delayed until almost the end of the syllable, before
the F0 falling movement starts to take place.

Feature extracted from R tone are Ts, Tf, Tu, and Td.
Turning point in R tone is the valley of the F0 contour.
Table 6 shows mean values of these features. Tf align
with the syllable onset. Timing of other features are
not aligned to either syllable onset or offset. This
suggests that the delay starts after the first falling part
in the R tones which is before the turning point.

Table 4: Mean time position of features found from F
tone with different speech rate (in seconds). Value in
parentheses are standard deviation.

Table 6: Mean time position of features found from R
tone with different speech rate (in seconds). Value in
parentheses are standard deviation.

Feature

Tu

Tf

Timing
Relative
to

Normal

Slow A

Slow B

Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset

0.137
(0.062)
-0.205
(0.085)
0.291
(0.088)
-0.051
(0.055)

0.182
(0.072)
-0.260
(0.094)
0.392
(0.094)
-0.050
(0.047)

0.236
(0.122)
-0.330
(0.196)
0.513
(0.182)
-0.053
(0.059)

Speech Rate

ANOVA
Result

Feature

F=21.91
p<0.001
F=15.35
p<0.001
F=52.76
p<0.001
F=0.052
p=0.949

Ts

Tf

3.4 H Tone

Tu

Features extracted from H tone are Ts, Te, and Tu.
Turning point in H tone is the valley of the F0 contour.
Unlike F and R tones, this valley occurs because of
the carryover effect of the preceding syllable. Table 5
shows mean values of these features, together with
results of repeated measures ANOVA. Ts of various
speaking rate were aligned to syllable onset. Te were
aligned to syllable offset, even with different
speaking rate. Tu, however, is aligned neither to
syllable onset nor offset. Like F tone, this result
indicates that the effect of speaking rate persists
through the turning point, but the H tone target is
implemented roughly by the end of the syllable.
Table 5: Mean time position of features found from H
tone with different speech rate (in seconds). Value in
parentheses are standard deviation.
Feature

Ts

Tu

3.5 R Tone

Timing
Relative
to

Normal

Slow A

Slow B

Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset

0.059
(0.023)
-0.298
(0.072)
0.241
(0.049)
-0.117
(0.047)

0.067
(0.054)
-0.358
(0.101)
0.265
(0.062)
-0.159
(0.082)

0.072
(0.054)
-0.462
(0.178)
0.282
(0.097)
-0.253
(0.164)

Speech Rate

ANOVA
Result
F=1.399
p=0.249
F=39.50
p<0.001
F=5.663
p=0.004
F=28.88
p<0.001
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Td

Timing
Relative
to

Normal

Slow A

Slow B

Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset
Syllable
Onset
Syllable
Offset

0.076
(0.025)
-0.274
(0.072)
0.109
(0.031)
-0.241
(0.073)
0.270
(0.060)
-0.079
(0.047)
0.165
(0.044)
-0.184
(0.082)

0.083
(0.050)
-0.363
(0.112)
0.116
(0.063)
-0.330
(0.108)
0.319
(0.080)
-0.127
(0.088)
0.193
(0.089)
-0.253
(0.118)

0.103
(0.089)
-0.469
(0.197)
0.133
(0.099)
-0.438
(0.199)
0.361
(0.091)
-0.211
(0.181)
0.219
(0.134)
-0.353
(0.207)

Speech Rate

ANOVA
Result
F=3.772
p=0.025
F=36.06
p<0.001
F=2.332
p=0.100
F=36.83
p<0.001
F=23.86
p<0.001
F=22.09
p<0.001
F=6.050
p=0.003
F=24.04
p<0.001

4. DISCUSSIONS AND CONCLUSIONS
This paper shows the computational measurements of
the effects of speaking rate on the F0 dynamics of Thai
tones. The results in Table 1-6 clearly indicates that
speaking rate significantly affects the F0 contours and
the localizations of pitch events in many ways. The
results in this paper have shown that the effects vary
according to the nature of the tones, but nevertheless,
a consistent time delay pattern of F0 dynamic events
can be found throughout all tones. This persistent
pattern suggests that there is a time delay after the
onset of the target approximation of the Thai tones as
speaking rate slows down.
Further study on the modeling of the time delay
mechanism is needed. The results show that the delay
often extends to the later part of the syllable, which
can be directly incorporated into the TA model as an
additional mechanism of the model. Simply speaking,
for a slow speaking rate, target approximation can be
divided into a waiting phase and an implementation
phase.
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ABSTRACT
This study investigates prominence and boundary
effects on acoustic realization on N-duration and Vnasalization in Mandarin Chinese. In both #NV and
VN#, prominence was found to elongate N-related
duration (enhancing N’s nasality), while V tended to
resist coarticulatory influence from N (enhancing V’s
orality). In phrase-initial position (#NV), boundary
strength induced a shortening of N in line with CV
contrast enhancement (C being less sonorant hence
more consonant-like), while V was nasalized
categorically regardless of boundary strength,
different from a general coarticulatory pattern. In
phrase-final position (CVN#), while there was no
clear-cut acoustic distinction between V and N, the
nasalized portion showed preboundary lengthening.
Crucially, the degree of V-nasalization was not larger
phrase-finally, deviating from a general increase in
V-nasalization found in other languages in which the
nasal-oral contrast in the coda is enhanced phrasefinally. The results are discussed in terms of
distributional restrictions in Mandarin Chinese which
allows only nasals in the coda which are lenited with
no oral counterparts.
Keywords: prosodic structure, vowel nasalization,
prominence, boundary, Mandarin Chinese
1. INTRODUCTION
Phonetic variation is one of the properties of
continuous speech. One source of the variation is
coarticulation caused by an inevitable overlap of
multiple articulatory gestures [12]. The process of
coarticulation is generally fine-tuned in relation to
linguistic structures such as the phonological contrast
and the syllable structure of a language [1,2,13]. It has
been suggested that the nature of the phonetic
enhancement of linguistic contrasts may be echoed in
a coarticulatory process in V-nasalization that is
modulated by prosodic strengthening that stems from
prosodic structure [8,10]. Prosodic structure is
assumed to regulate placement of prosodic
boundaries and distribution of prominence among
phonological units [6,14]. Under the influence of
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prominence and boundary strength, segments often
undergo prosodic strengthening which effectively
increases phonetic clarity and may mediate linguistic
contrasts [6].
Previous studies on coarticulatory V-nasalization
[8,10] have indeed demonstrated ample evidence that
the prosodic-structural fine-tuning of the
coarticulatory process leads to linguistically
meaningful phonetic outcome. For example, in both
American English and Korean, focus-related
prominence has been found to elongate N’s duration
but to induce V’s coarticulatory resistance to
nasalization in CVN and NVC. These effects are
taken to enhance N’s nasality and V’s orality,
respectively, pertaining to an enhancement of each
phoneme’s paradigmatic contrast. Both languages
also showed boundary-related domain-initial
strengthening effects on #NVC, in such a way that N
becomes less nasal (enhancing its consonantality) and
V becomes more oral (enhancing its orality), which
has been interpreted as a syntagmatic enhancement of
CV contrast. Finally, in domain-final position
(CVN#), both languages showed coarticulatory
vulnerability (i.e., more V-nasalization), in line with
some kind of articulatory weakening towards the end
of a phrase which may result in loosening the velic
elevation gesture.
In the present study, we build on this crosslinguistic evidence for the phonetics-prosody
interface reflected in the coarticulatory process of Vnasalization by examining the coarticulatory Vnasalization in Mandarin Chinese (henceforth
Mandarin). In line with the above-mentioned
previous studies, we investigate the extent to which
V-nasalization in Mandarin is realized according to
the prosodic-structural factors (boundary strength and
focus-induced prominence), and how the
coarticulatory effect in Mandarin speaks to the
language’s linguistic contrast systems. The results
will then be compared with general coarticulatory
patterns observed in other languages, which will
enrich our understanding of the coarticulatory process
of V-nasalization from both the cross-linguistic and
the language-specific perspectives.
While one of the most conspicuous differences
between Mandarin and English/Korean lies in the fact

that Mandarin employs a lexical tone system, a
particular property of Mandarin that we focus on in
the present study is its distributional restrictions on
the occurrence of consonants in the coda position.
Mandarin allows only /n/ and /ŋ/ in the coda position
[3] with no oral counterparts, and the nasals’ oral
constriction is often incomplete or substantially
lenited [5,9]. In fact, many Chinese dialects have been
reported to be undergoing a nasal elision process in
the coda [4], but in Mandarin the two nasal
consonants whose oral place features may be delinked
in the coda are considered to be still preserved,
leaving their phonetic trace in the form of Vnasalization [4]. A specific question that arises is then
how Mandarin V-nasalization manifests itself in such
a nasal lenition (VN) context and how it is
conditioned by prosodic strengthening factors. Given
that V-nasalization in VN carries some phonological
function of preserving the phonemic information of
the following nasal, prosodic-structurally conditioned
variation in V-nasalization in Mandarin may show
different effects as compared to those found in other
languages which do not employ similar restrictions on
the occurrence of consonants in the coda.
2. METHOD
2.1. Participants and speech materials

Sixteen native speakers (8F,8M) of Mandarin who
had lived for less than 3 years in Korea (except for 1
speaker who resided in Korea for 5 years) participated
in the experiment for pay. They were students at
Hanyang University, who were in their 20s and 30s.
Speech materials included six monosyllabic
target words in the nasal context with two (/ma/, /na/)
in #NV and four (/pan/, /tan/, /paŋ, /taŋ/) in CVN#.
Note that Mandarin has no NVC words. For the
purpose of testing V-nasalization, the lexical tone was
controlled to be Tone 1. Two additional CV (/pa/, /ta/)
words were also collected to be used for the control
(oral) context to estimate V-nasalization relative to
the oral context.
Each target word was embedded in a carrier
sentence which was an answer to a question in a mini
discourse situation, where the Boundary (IP vs. Wd)
and Focus (contrastive focused vs. unfocused)
conditions varied. The discourse situation was
designed as a kind of a word game (as shown in Fig.1.)
to induce focus and prosodic boundary conditions. In
order to facilitate as much spontaneous speech as
possible, the full carrier sentences were not written,
but were induced by pictures as shown in Fig. 1 (see
below for details).
2.2. Procedure

The speakers were presented with a picture where a
target word was displayed on a computer screen, and
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the prompt question (Speaker A, pre-recorded by a
native Mandarin speaker) was played back from a
loudspeaker. After having seen the picture and heard
the question, the speakers answered the question. The
answers served as the experimental sentences that
contained target words. For example, as shown in Fig.
1, two cubes appeared on the screen and a
monosyllabic test word /pan/ was displayed on the
cube on the left. The pre-recorded voice asked the
subject whether the word on the left cube was /pa/
(“eight”). After having seen the displayed word /pan/
on the cube, the speaker was supposed to say that the
left one was /pan/ (“class”) (not /pa/), which induced
a corrective contrastive focus on the target word. In
this way, the target words were either focused or
unfocused. For the unfocused condition, a contrastive
focus was placed on an adjacent word in a carrier
sentence, leaving the target unfocused. For the
boundary conditions, as exemplified in Table 1, the
target word was immediately followed (or preceded)
by another short phrase, which created an IP
boundary. For the Wd-boundary condition, the target
word was embedded in the middle of a phrase.
Figure 1: An example of the visual cues used in a designed
word game. Displayed on the left cube in each figure is a
target word (pan, ‘class’) for the IP condition (a), and the
be-verb + target word (shi pan, ‘is class’) for the Wd
condition (b).
(a)

(b)

Table 1: Examples of CVN in carrier sentences, in which
the target words are underlined and in italic, while the
focused words are in bold. The number after each word
indicates lexical tone (e.g. 1 represents Tone 1). Examples
of NV are not listed due to the space limit.

There was a 30-minute practice session including
the instructions of the game. After the practice,
participants reported that they could produce the
carrier sentences spontaneously as intended while
playing the role of Speaker B by answering the
questions as guided by the pictures.

Acoustic data were collected in a soundattenuated booth, using a Tascam HC-P2 digital
recorder and a SHURE KSN44 condenser
microphone at a sampling rate of 44kHz. Each
dialogue was repeated three times. In total, 1920
sentence tokens were collected (6 items x 1 Tone type
x 2 boundaries x 2 Focus types + 16 control words) x
3 repetitions x 16 speakers). 37 tokens were discarded,
which were produced with either a wrong placement
of focus or a major prosodic boundary before or after
a test word in an intended phrase-internal Wd
boundary context.
2.3. Measurements

For NV, N-duration (nasal murmur) and A1-P0
(where A1 refers to the amplitude of F1 and P0 to the
amplitude of nasal peak which is formed usually
below 400 Hz). A1-P0 values were taken at relative
time points during the vowel. The relative time points
were 25%, 50%, and 75% points relative to the entire
vowel duration. The relative measures were expected
to show to what extent V-nasalization occurs in
reference to the temporal structure of the vowel.
(Note that the absolute measures were also taken to
see how the V-nasalization is directly conditioned by
the physical distance from N, but they are not
reported in this paper due to the space limit.)
The coda N, however, did not clearly distinguish
itself from the preceding vowel as discussed above.
In fact, as discussed in [4], the coda N was often
produced without clear acoustic evidence for its oral
constriction, so that it was often impossible to detect
the acoustic onset of the coda N. Thus, we measured
the whole VN-duration rather than N-duration to
examine the overall durational effect in CVN#. Again,
A1-P0 was taken from the relative time points. In
other words, the entire VN-duration was divided into
10 portions by an increment of 10%, and nine points
were taken: from 10% point (near the end of VN) to
90% point (near the vowel onset). The A1-P0 values
were extracted by using a Praat script [15].
2.4. Statistical Analysis

A series of linear mixed effects models were
conducted. Fixed effects were Focus (UnFoc vs. Foc),
and Boundary (Wd vs. IP) with contrast coding. The
relative Timepoint (nominal factor) was added as
another fixed effect with three time points in NV. In
VN context, the relative time points were measured in
three phases separately (Phase 1: 90%~70%; Phase 2:
60%~40%; Phase 3: 30%~10%) in which three time
points were used for each Timepoint (nominal) factor.
In order to examine how the prosodic factors
interacted with the time points across the entire VN
sequence in the coda context, an additional model was
run with Timepoint as a continuous factor (with 9
time points). The maximal random effects structure
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was employed as long as the model converged (i.e.
by-subject intercept and slopes for all test variables).
3. RESULTS
3.1 #NV (phrase-initial) context

N-duration in #NV [Fig.2a] showed a main effect of
Focus (β=18.90, p<.001 ), with N being longer in the
focused than in the unfocused condition. A main
effect of Boundary was found as well ( β =-32.01,
p<.001), showing N being longer in the Wd-initial
position than in the IP-initial position. There was an
interaction between Focus and Boundary (β= -24.62,
p<.001), indicating that the focus effect was
suppressed in the IP condition presumably due to the
general shortening trend for IP-initial N.
As for V-nasalization, there was a main effect of
Focus (β= .71, p<.001) [Fig.2b], showing that vowels
were more nasalized in the unfocused condition. The
Boundary factor showed a main effect (β= .35, p<.01)
[Fig.2c], indicating a reduction of V-nasalization IPinitially. A significant downtrend was observed at 75%
point (β= -.19, p<.001). No interaction among Focus,
Boundary and Timepoint was observed.
Figure 2: N-duration and V-nasalization (A1-P0) in #NV
(a) N-duration

(b) V-nasalization

(c) V-nasalization

3.2 CVN# (phrase-final) context

As can be seen in Fig.3a, there was a significant main
effect of Focus on VN-duration in CVN# (β=17.53,
p<.001), showing a focus-induced lengthening of
VN-duration. VN-duration also showed a main effect
of Boundary ( β = 46.60, p<.001), being longer IPfinally than Wd-finally, showing a general final
lengthening effect. An interaction between Focus and
Boundary (β=-30.41, p<.001) was observed as well.
Turning to V-nasalization in CVN#, as seen in
Fig.3b, vowels were less nasalized in the focused than
unfocused condition in all three phases ( β =.50 ,
p<.001 in Phase 1; β=.62 , p<.001 in Phase 2; β=.95 ,
p<.01 in Phase 3) throughout the vowel. The
Timepoint effect was significant at 70% point in
Phase 1, at 50% and 40% points in Phase 2, and at 20%
and 10% points at Phase 3. The output of the model
with Timepoint as a continuous factor indicated that
there was a significant main effect of Focus (β=.69 ,
p<.001) and Timepoint ( β =.01, p<.001), and there
was an interaction effect between the two ( β =.01 ,

p<.001). The interaction, as can be seen in Fig.3, was
due to the fact that the focus-induced difference in Vnasalization became progressively larger towards the
end of the phrase.
Figure 3: VN-duration and V-nasalization (A1-P0) in
CVN#.
(a) VN-duration

(b) VN-nasalization

Phase1

Phase2

Phase 3

(c) VN-nasalization

Phase1

Phase2

Phase 3

Crucially, there was no main effect of Boundary in
the models of three Phases and in the model with
Timepoint as a continuous factor. As shown in Fig.
3c, V was not more nasalized IP-finally. An
interaction between Boundary and Timepoint was
found only for Phase 3 ( β =-.17 , p<.05). Separate
(posthoc) analyses indicated that there was a
significant Boundary effect only at 20% time point (β
= -.22, p<.05). As can be seen in Fig. 3c, the
interaction was due to the trend towards the
boundary-induced difference becoming clearer
towards the end of the VN.
4. SUMMARY AND DISCUSSION
One of the basic findings regarding the focus-induced
prominence effect was that N-duration (in the case of
#NV) and the VN-duration (in the case of CVN#)
were temporally augmented in both #NV and CVN#,
indicating a strengthening of N’s nasality in the
contrastively focused context. Despite the augmented
nasality for N under focus, its coarticulatory influence
on the neighboring vowel was not reinforced but, if
anything, V-nasality in the vowel tended to be
reduced in both #NV and CVN# context. In other
words, the strengthening of N did not show
coarticulatory aggression effect on the following V
(cf. [6]), so that V’s orality was either maintained (in
the case of #NV) or enhanced (in the case of CVN#).
The fact that the V’s coarticulatory resistance spreads
to all time points in the vowel suggests that the effect
is more than a simple low-level phonetic effect. This
effect pertains to linguistic contrasts, consistent with
previously reported cross-linguistic patterns found in
American English and Korean, all showing a kind of
paradigmatic contrast enhancement [8,10].
As for boundary effects, we observed a general
shortening of N in IP-initial position in line with the
cross-linguistic observations that domain-initial
strengthening increases the consonantality by
decreasing its sonority (nasality). The following
vowel was also less nasalized, showing that
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boundary-induced domain-initial strengthening gives
rise to an enhancement of syntagmatic CV contrast
with an increase in consonantality and a heightening
of V’s phonetic (oral) clarity.
The most interesting finding, however, pertains to
the boundary-related domain-final effect on CVN#.
While Mandarin does not show a clear-cut division
between V and N in the acoustic signal (cf. [5]), in
most cases (8 out of 9 time points) there was no
significant boundary effect observed in our data,
except for only one time point near the end (20%)
which showed more V-nasalization in IP-final than in
IP-medial position. The overall lack of boundary
effects stands in sharp contrast with phrase-final Vnasalization patterns found in American English and
Korean. Both languages showed more nasalization in
IP-final than IP-medial position generally across the
board, which indicated a universal propensity of Vnasalization possibly due to phrase-final articulatory
weakening which attenuates the oral articulatory
force to close off the velopharyngeal port ([8,10]).
This then implies that Mandarin does not follow the
general, presumably biomechanically-driven, crosslinguistic pattern. While more data is required to
confirm this pattern, our interim interpretation is that
this unique effect may be driven by distributional
restrictions on the occurrence of consonants in the
coda position in Mandarin. Given that Mandarin
allows only nasal consonants in the coda position, it
does not employ a rich phonological manner contrast
in that position. This is also presumably why nasals
in the coda are often produced without oral
constriction as its phonological function may be
sufficiently signaled by the presence of [nasal] feature
only (i.e., vowel nasalization). One could then further
assume that in the absence of the nasal murmur cue
during stop closure due to a delink of place feature,
V-nasalization carries information about the nasal
consonant, thus being less vulnerable to the
biomechanically-driven articulatory weakening
effect.
In conclusion, the present study has indicated that
while Mandarin shows cross-linguistically applicable
coarticulatory effects, some of the effects should be
attributable to the language’s specific linguistic
structure. The observed cross-linguistic generalizability and language-specificity supports the general
view that the low-level phonetic process operates
across languages but it is fine-tuned by the language’s
internal structure such as the language-specific
phonological and prosodic structure (e.g., [6,7,8,10,
11]. The results of the present study, however, are
based on a limited tonal context. We are in the
processing of analyzing data in different tonal
contexts, which will better illuminate the nature of Vnasalization in relation to tonal structures with an
increased generalizability.
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ABSTRACT
This study explores the relative coarticulatory
resistance of consonants across languages using static
mid-sagittal MRI of one trilingual speaker sustaining
consonants in symmetrical vowel contexts for
Australian English (AuE), French (FR), and Croatian
(CR). Semi-supervised segmentation provided
articulators’ contours that can be superposed and
compared. A set of 7 vowels analogous for the 3
languages was determined and used to compute mean
consonant contours and dispersion related to vowels.
A focussed observation of /s/ and /ʃ/ showed that the
tongue in CR /s/ is more resistant to coarticulation
than in AuE or FR, whereas for /ʃ/ it is more resistant
in FR than in AuE or CR. It was also found that, the
stop and the fricative parts of the CR affricates /ʦ/ and
/ʧ/ are more resistant than the single consonants /t/, /s/
and /ʃ/. This study will be extended to other
consonants, and make use of articulatory modelling.
Keywords: Australian English, French, Croatian,
co-articulation, MRI, articulatory measurement.
1. INTRODUCTION
Previous work on the sibilant fricatives /s ʃ/ has
shown that these sounds are highly resistant to lingual
coarticulation with adjacent vowels ([6], [23]).
Fricative sounds block coarticulation on the high-low
dimension, due to aerodynamic requirements for
fricative production ([14]): in order to produce the
acoustic turbulence needed for noise generation, the
tongue must form a very narrow channel along the
palate, thereby preventing lowering of the tongue
body in anticipation of an adjacent low vowel. In the
case of sibilant fricatives, this channel must direct
airflow towards the lower teeth in order to amplify the
spectral energy generated at the constriction ([24]),
and this requirement places further constraints on the
tongue configuration.
However, /s/ and /ʃ/ are articulated at different
points along the palate, and also involve different
portions of the tongue in their articulations. /s/ is
typically articulated in the denti-alveolar region using
the tongue tip (with exact location differing between
languages), while /ʃ/ is typically articulated in the
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post-alveolar/pre-palatal region, using the tip-blade
complex (i.e. a longer portion of the front part of the
tongue). The constriction for /s/ tends to be very
narrow, and for /ʃ/ a little wider ([3], [1]). As a
consequence of these differences, competing
predictions might be made regarding the relative
amount of coarticulation possible for these two
sibilant fricatives. On the one hand, the narrower
constriction for /s/ may result in less coarticulation
with adjacent vowels, since very precise lingual
control would be required to maintain such a narrow
channel ([18], [20], [16]). On the other hand, the
greater involvement of the tongue body for /ʃ/, due to
greater coupling with the tip-blade complex for /ʃ/
than with the tip alone for /s/, may result in less
coarticulation for /ʃ/ than /s/. This latter prediction
would be much in line with cross-linguistic research
which has shown that laminal sounds are more
resistant to coarticulation than are apical sounds ([8],
[9]). Proctor et al. [22] observed greater variation in
the production of [ʃ] than of [s], which was
consistently produced with a more anterior
constriction.
Note that until now, we have been considering
high-low coarticulation with adjacent vowels.
However, coarticulation may also occur on the frontback dimension, and in theory similar principles
should apply: if the tongue is more highly constrained
for one sibilant fricative than for the other sibilant
fricative, coarticulation should be lesser with adjacent
vowels on both the high-low dimension, and the
front-back dimension.
In this study we explore the question of the relative
coarticulatory resistance of /s/ vs. /ʃ/ using static midsagittal MRI of one female speaker recorded for three
languages: Australian English, French, and Croatian.
This approach is based on recent work by Badin et al.
([2]) and by Peters et al. [21], which use MRI and
acoustic data respectively to examine coarticulatory
patterns across different languages and dialects
within the same speaker. The reasoning behind such
an approach is that if speaker characteristics remain
the same across dialects, language-specific
coarticulatory patterns may emerge.

These languages have differing vowel inventories
(see further below), and for the purposes of
comparison in the current study, we restrict our study
to vowels which are broadly similar across the three
languages.
In this respect it should be noted that although the
same symbol is used to transcribe the sibilant
fricatives in the three languages studied here, the
phonemic inventory of each language may lead to
slightly different realizations of these sounds. In
particular, the English phoneme inventory contains
the dental fricative /θ/, which although not a sibilant
fricative, nevertheless may prevent a more dental
production of English /s/. In Croatian, the literary
standard contrasts a palatal affricate (written 'ć') with
a post-alveolar affricate written 'č' – although the
speaker in this study does not make this contrast, it is
a prominent feature in descriptions of dialectal
variation in Croatian, and may be expected to have an
effect on production of /ʃ/, which is classified as a
post-alveolar fricative (and written 'š').
2. ARTICULATORY DATA
ACQUISITION AND PROCESSING
2.1 Recording setup

Three MRI sessions were performed (IRMaGe
MRI facility, Grenoble, France), at 3T (Achieva 3.0T
TX, Philips, Best, The Netherlands), using a 16
channel neurovascular coil. In order to minimize head
movement, MRI foam cushions were wedged
between the speaker's head and the MRI receiver coil.
She had to sustain a fixed articulatory configuration
during image acquisition. Static single slice (4 mm
thickness) mid-sagittal images of the vocal tract were
recorded, with an isotropic 1 mm in-plane resolution
covering a 256256 mm2 field of view. Turbo Spin
Echo mode was used, with 85% halfscan factor, no
SENSE acceleration, 80° flip angle, shortest TR and
TE, and minimum water-fat shift. In the first session,
a TSE factor of 28 was used, with 6.3 s per image. In
the remaining sessions, a TSE factor of 38 was
preferred, with 6.9 s per image but slightly improved
image quality.
2.1 Corpus, speaker and protocol

A single female speaker was recorded for this
experiment (46 years old at recording time). Her
native language is Australian English (AuE) from
Melbourne; her heritage language is Croatian (CR),
and she is highly fluent in French (FR) 1. Following
[2] for a bilingual study, the speaker was recorded on
different days for AuE, FR and Croatian CR. For each
session, care was taken that only the language of
interest (except for CR) was spoken for the
interactions with the operators, in order to keep the
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speaker in the right language mode. In addition, the
speaker always tried to think of real words in the
language before producing the particular sequences
required.
The corpora were designed to be balanced and
representative of the phonemic repertoires of the three
languages (see [7], [17] and [11]). The AuE corpus
contained 208 items: the 13 vowels /iː e æ a oː ɔ ʉː ʊ
ɜː ə ɪ eː aː/ and the 15 consonants /p t k f θ s ʃ m n ŋ ʧ
l ɹ h/ embedded in all the 13 symmetric Vowel
Consonant Vowel (VCV) contexts. The CR corpus
contained 133 items: the 7 vowels /iː eː ɛ oː ɔ uː a/ and
16 consonants /p t k f s ʃ m n ɲ ʦ ʧ j l ʎ ɾ h/ 2 in all
7 vowel contexts. The FR corpus contained 144
items: the 10 oral /i e ɛ a ɔ o u y ø œ/ and 3 nasal /ã ɛ̃
ɔ̃/ vowels, and the 10 consonants /p t k f s ʃ m n ʁ l/
in all 13 vowel contexts. Note that only voiceless
counterparts were used for stops and fricatives
(voicing being impossible to maintain for the up to
6.9 seconds of MRI acquisition).
For the consonants, the speaker was instructed to
repeat the VCV sequences a few times in a natural
manner, trying to think of real words, and to freeze
the consonant in the last repetition; the scan was
initiated as soon as the operator heard that the
consonant position was being maintained (e.g. /asa
asa as:::::::a/, with the scan being initiated at the onset
of the very long /s:::::::/). This protocol ensured that
the consonant was truly coarticulated with the vowel.
3. ARTICULATORY CONTOURS
ANALYSIS
3.1 Semi-automatic contour segmentation

Automatic segmentation of each main speech
articulators (jaw, lips, tongue, velum, hyoid, larynx,
etc.) from the MRI images was performed according
to the method described in [15]. The unwanted head
movements of translation in the Head-Feet direction
and of rotation around the Left-Right direction were
determined and counterbalanced to realign the skull
structures and in particular the hard palate, on the
same reference, as proposed in [15] on a chosen
reference image. The remaining tilt angle between
skull and spine was determined and its influence on
the shape of all articulators was compensated for.
Note that sometimes the speaker's head was not fully
aligned with the mid-sagittal plane, which produced
parallax errors that could not be compensated for, and
that resulted in slight deformations visible in the front
region (nose, lips and incisors).
The next stage involved the manual segmentation
of 60 images automatically chosen by an optimisation
procedure to represent the whole corpus as faithfully
as possible. The data were subsequently used to train
an MLR-based algorithm that predicts contours from

images; these contours serve next as seeds for a
modified version of Active Shape Models that refines
the results. A post-processing procedure aiming to
prevent possible slight overlaps between articulators
in contact was applied before all the 485 images were
checked and manually corrected if needed. Results
are illustrated in Figure 1. Note that all the contours
are stored as x/y coordinates in cm units in a
coordinate system attached to the reference image,
and thus common to all images that have been aligned
with this reference image. This allows reliable
processing of contours for comparisons or modelling.
Figure 1: Articulator contours superimposed on a
midsagittal image. Different colours represent
different articulators, in a clockwise rotation along
the vocal tract walls: upper lip, palate, velum, nasooropharyngeal wall, back larynx, epiglottis, hyoid
bone, tongue, jaw, and lower lip.

3.2 Analysis methods

Explicit articulatory modelling as performed by
Hoole [13] or Badin et al. [2] is out of the scope of
this study. However, the superposition of contours for
a given set of phonemes can be useful for articulatory
comparisons (e.g. [22]), as illustrated in Figure 2.
This figure shows that unlike the English and
Croatian alveolar laterals, the French lateral does not
have secondary velarization. It also shows the very
high tongue body position for the palatal lateral in
Croatian.
Figure 2: Examples of contour superposition of
laterals in /a/ context demonstrating different
strategies between different languages (AuE /l/, CR
/l/ and /ʎ/, FR /l/).

A more comprehensive way to present vocalic
coarticulation effects on a consonant is to display the
mean of articulations of the same consonant over all
vocalic contexts of interest, and the associated
dispersion of contour points, by means of dispersion
ellipses drawn at 2 standard deviations around the
mean points, as illustrated further in Figure 3.
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In order to perform inter-language comparisons of
vocalic coarticulation effects on consonants, it is
important to choose a set of vowels that can be
considered as analogous. A series of comparisons of
vowels contours for the three languages has shown
that in most cases AuE /e/ is a bit closer to CR /e:/ and
to FR /e/ than to AuE /ae/. AuE vowels /e/, /eː/ and
/ae/ do not show great differences; pairs /ʉː/ - /ʊ/ and
/iː/ - /ɪ/ are fairly close. It has therefore been decided
to use AuE /ɪ eː e aː oː ɔ ʊ/, CR /iː eː ɛ a oː ɔ uː/ and
FR /i e ɛ a o ɔ u/ as the common set of 7 vowels.
4. RESULTS
This database and this approach allow a great
number of analyses and comparisons. The focus of
the present study is on the stability of /s/ and /ʃ/.
For instance, Figure 3 shows that the tongue in /s/
in CR is somewhat more resistant to coarticulation
than in AuE or FR. By contrast, the tongue in /ʃ/ is
more resistant in FR than in AuE or CR. This seems
to point to differences between languages, both in
terms of language-specific mean articulation and of
language-specific coarticulation level.
With regard to the questions posed in the
Introduction section, it is clear that the front part of
the tongue is very stable in the articulation of /s/,
while the back part of the tongue shows greater
variability according to vowel context. For /ʃ/, it
appears that variability is more evenly distributed
across the entire tongue, although there appears to be
some language-specific variability (with Australian
English having a more stable tongue back/root, while
French has a more stable tongue body). It should also
be noted that the tongue body is lower for /ʃ/ in
Australian English than in the other two languages.
From Figure 4 we see that in CR the lingual /t/
closure of both affricates /ʦ/ and /ʧ/ is more resistant
to coarticulation than the single /t/. The comparison
between the second column of Figure 3 and the third
column of Figure 4 shows that the tongue in /s/, and
even more in /ʃ/, is more resistant to coarticulation in
affricate contexts that in single fricatives. This seems
to indicate that the coproduction of the closure and
the fricative parts of affricates induces a stronger
resistance to lingual coarticulation.
Figure 5 shows that, except for /u/, the tongue
contour in the occlusive part of the affricate /t(ʦ)/ is
close to that of the single /t/, and that the contour in
the fricative part /s(ʦ)/ is close to that in the single /s/.
This has been also observed on the average contours.
On the other hand, tongue contours for /t/ and /s/ are
slightly different, as expected, except in /u/ context,
the laminal part of the tongue being slightly lower for
/s/ than for /t/. The picture is different and less
systematic for the affricate /ʧ/. The lingual

constriction is more alveolar for /ʃ(ʧ)/ than for the
post-alveolar /ʃ/, which has also been observed on the
average contours. The lingual articulation is also
slightly anterior for /t/ than for /t(ʧ)/, as found by
Mair et al. [19] for one American English speaker.
Figure 3: Mean contours and dispersion ellipses
for /s/ and /ʃ/ for AuE, CR and FR in the 7 common
vowel contexts (ellipses are displayed for every
contour point).

Figure 4: Mean contours and dispersion ellipses
in CR for /t/, /t(ʦ)/ and /s(ʦ)/ (top), and for /t/, /t(ʧ)/
and /ʃ(ʧ)/ (bottom) in the 7 common vowels contexts.

Figure 5: Superposition of CR contours for /t/, /s/,
/t(ʦ)/ and /s(ʦ)/ (top), and for /t/, /ʃ/, /t(ʧ)/ and /ʃ(ʧ)/
(bottom), in /a/, /i/ and /u/ contexts.

5. DISCUSSION AND PERSPECTIVES
5.1 Discussion

These results show that, at least for English and
Croatian, the front part of the tongue is much more
stable for /s/ than for /ʃ/, suggesting that the very
narrow constriction limits variability in this
articulator. By contrast, results for the back part of the
tongue vary according to the language – the back part
of the tongue is more variable for /s/ in English and
in French, but possibly less variable in Croatian. To
what extent these differences are due to language
repertoire and daily usage, and to what extent they
reflect genuine differences in the languages, i.e. not
related to the present speaker and her possibly
different levels of proficiency, is not clear at this
point. Moreover, the results are not necessarily in line
with previous results using EPG, ultrasound or EMA,
which suggest that /ʃ/ coarticulates less with vowels
than does /s/. It is clear that a more careful
consideration is needed as to what aspect of the
articulation each technique is capturing.
5.2 Perspectives

The same approach will be used to study other
coarticulatory and cross-language comparisons. For
instance, the constriction in the pharyngeal cavity that
would characterize rhotics according to several
authors ([10], [5], [12], [26], [25], [4]) can be
compared for AuE /ɹ/, CR /ɾ/ and FR /ʁ/ on the same
speaker. Similarly, the degree of velarization /
darkness of laterals could be compared across vowel
context and languages. Another way to analyse the
data is to submit them to articulatory modelling, as in
[2] for instance. This would allow to compare models
made for each language, and to display the phonemes
in spaces of articulatory control parameters such as
Jaw Height versus Tongue Body that can be useful to
separate classes. Finally, we are planning to upload
some of these data in an open source repository.
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2
Two recordings were actually made of the affricates: the
speaker attempted first to freeze on the closure part of the
affricates (/t(ʦ) t(ʧ)/ and then on the fricative part of it (/s(ʦ)
ʃ(ʧ)/), in order to observe possible differences. This leads to a
total of 18 consonants.

7. REFERENCES
[1] Badin, P., Mawass, K., Castelli, E. 1995. A model of
frication noise source based on data from fricative
consonants in vowel context. Proc. 13th ICPhS,
Stockholm, Sweden.
[2] Badin, P., Sawallis, T.R., Crépel, S., Lamalle, L. 2014.
Comparison of articulatory strategies for a bilingual
speaker: Preliminary data and models. Proc. 10th ISSP,
Cologne, Germany.
[3] Badin, P., Shadle, C.H., Pham Thi Ngoc, Y., Carter,
J.N., Chiu, W., Scully, C., Stromberg, K. 1994.
Frication and aspiration noise sources: contribution of
experimental data to articulatory synthesis. Proc. 3rd
ICSLP, Yokohama, Japan.
[4] Blackwood Ximenes, A., Shaw, J.A., Carignan, C.
2017. A comparison of acoustic and articulatory
methods for analyzing vowel differences across
dialects: Data from American and Australian English.
J. Acoust. Soc. Am. 142, 363-377.
[5] Boyce, S., Espy-Wilson, C. 1998. Coarticulatory
stability in American English /r/. J. Acoust. Soc. Am.
104, 3741-3753.
[6] Byrd, D. 1994. Articulatory timing in English
consonant sequences. UCLA Working Papers in
Phonetics 86.
[7] Cox, F., Palethorpe, S. 2007. Australian English.
Journal of the International Phonetic Association 37,
341-350.
[8] Dart, S.N. 1991. Articulatory and acoustic properties of
apical and laminal articulations. UCLA Working
Papers in Phonetics 79.
[9] Dart, S.N. 1998. Comparing French and English
coronal consonant articulation. Journal of Phonetics
26, 71-94.
[10] Espy‐Wilson, C., Boyce, S. 1994. Acoustic
differences between ‘‘bunched’’ and ‘‘retroflex’’
variants of American English /r/. J. Acoust. Soc. Am.
95, 2823-2823.
[11] Fougeron, C., Smith, C.L. 1993. French. Journal of
the International Phonetic Association 23, 73-76.
[12] Guenther, F.H., Espy-Wilson, C.Y., Boyce, S.E.,
Matthies, M.L., Zandipour, M., Perkell, J.S. 1999.
Articulatory tradeoffs reduce acoustic variability
during American English /r/ production. J. Acoust. Soc.
Am. 105, 2854-2865.
[13] Hoole, P. 1999. On the lingual organization of the
German vowel system. J. Acoust. Soc. Am. 106, 10201032.
[14] Keating, P. 1990. The window model of
coarticulation: Articulatory evidence. in Papers in
laboratory phonology I: Between the grammar and
physics of speech, Beckman, M.E. and Kingston, J.,
Eds. Cambridge, UK: Cambridge University Press
[15] Labrunie, M., Badin, P., Voit, D., Joseph, A.A.,
Frahm, J., Lamalle, L., Vilain, C., Boë, L.-J. 2018.
Automatic segmentation of speech articulators from
real-time midsagittal MRI based on supervised
learning. Speech Communication 99, 27-46.
[16] Ladefoged, P., Johnson, K. 2006. A Course in
Phonetics (6th ed.): Michael Rosenberg.

3457

[17] Landau, E., Lončarić, M., Horga, D., Škarić, I. 2009.
Croatian. Journal of the International Phonetic
Association 25, 83-86.
[18] Laver, J. 1994. Principles of phonetics. Cambridge,
U.K.: Cambridge University Press.
[19] Mair, S.J., Scully, C., Shadle, C.H. 1996. Distinctions
between [t] and [tʃ] using electropalatography data.
Proc. 4th ICSLP, Philadelphia, PA, USA.
[20] Narayanan, S.S., Alwan, A.A., Haker, K. 1995. An
articulatory study of fricative consonants using
magnetic resonance imaging. J. Acoust. Soc. Am. 98,
1325-1347.
[21] Peters, J., Heeringa, W.J., Schoormann, H.E. 2017.
Cross-linguistic vowel variation in trilingual speakers
of Saterland Frisian, Low German, and High German.
J. Acoust. Soc. Am. 142, 991-1005.
[22] Proctor, M., Shadle, C.H., Iskarous, K. 2006. An MRI
study of vocalic context effects and lip rounding in the
production of English sibilants. Proc. 11th AICSST,
Auckland, New Zealand.
[23] Recasens, D., Rodríguez, C. 2017. Lingual
articulation and coarticulation for Catalan consonants
and vowels: an ultrasound study. Phonetica 74, 125156.
[24] Shadle, C.H. 1985. The acoustics of fricative
consonants. MIT.
[25] Strange, W., Weber, A., Levy, E.S., Shafiro, V.,
Hisagi, M., Nishi, K. 2007. Acoustic variability within
and across German, French, and American English
vowels: Phonetic context effects. J. Acoust. Soc. Am.
122, 1111-1129.
[26] Zhang, Z., Espy-Wilson, C.Y., Boyce, S., Tiede, M.K.
2005. Modeling of the front cavity and sublingual space
in American English rhotic sounds. Proc. ICASSP'05.

VOWEL DISPERSION AS A CUE FOR PROMINENCE IN SORA
Luke Horo
Living Tongues Institute for Endangered Languages
luke.horo@livingtongues.org

ABSTRACT

in terms of its physical attributes only and examines
the correlation of syllable prominence with vowel
dispersion.
In the typology of Austroasiatic languages, word
stress in is often related to the presence of a unique
syllable type known as ‘sesquisyllable’. Presence
of sesquisyllabic word prosody is reported to be
atypical to Austroasiatic languages as well as to
many other languages spoken in Southeast Asia
[15]. On the other hand, it is argued by Donegan [6]
and Donegan and Stampe [7, 8] that sesquisyllabic
word prosody is lacking in the Munda branch of
the Austroasiatic language family. Evidences suggest that sesquisyllabic words once existed in proto
Munda, but the modern Munda languages lost it due
to rhythmic and syntactic reorganization in various
languages. However, Anderson and Zide [4] and
Anderson [2] propose that phonological words in
Munda languages exhibit iambic stress and they argue that the iambic stress resembles to the sesquisyllable word prosody of non-Munda Austroasiatic languages. Significantly, this is also evident in Sora (a
Munda language of the Austroasiatic family) which
has a basic (C)V(C).(C)V(C) syllable structure and
prominence marked by duration, intensity and f 0 is
always present on the second syllable [10]. Thus,
this work provides further evidence that prominence
in the second syllable of Sora can also be correlated
with the vowel dispersion.

This paper proposes that vowel dispersion is directly correlated to prominence in Sora, a South
Munda language of the Austroasiatic language family. Prominence in Sora is known to be marked by
duration, intensity and f0. This paper provides evidence that vowel dispersion is also correlated with
prominence in Sora. Data comes from the speech of
twenty-five male and twenty-five female Sora speakers, recorded in Assam and Odisha of India while
performing speech production tasks in the field. The
analysis is based on formant frequency measurements and statistical measurements of Euclidean
distance. Results reveal that formant frequencies of
all vowels in the prominent syllable change relative
to vowels in the non-prominent syllable. Also, expansion/compression of vowel space is shown to be
affected by this phenomena. Finally, results are discussed in the light of lesser described syllable properties in Munda languages and conflicting views of
sesquisyllables in Austroasiatic languages.
Keywords:
Vowel, Dispersion,
Munda, Austroasiatic).

Prominence,

1. INTRODUCTION
Prominence is a perceptual property of speech which
is used to indicate salience, focus, contrast or emphasis. Also, the word ‘stress’ is used to define
similar attributes of speech. In this regard, Kohler
[12] mentions that, while there can be three different referents of stress, an important referent of stress
is syllable prominence which refers to the physical
attributes of stress. Thus, it is suggested that syllables are the units that bear prominence and that their
properties are detectable. Generally, prominence in
a syllable is detectable from the effects it has on
the segments that constitute the syllable. This implies a systematic variance across syllables in terms
of different acoustic cues of syllable prominence.
Accordingly, there are evidences that longer vowel
duration, higher pitch (f 0) and greater acoustic energy (intensity) are the acoustic correlates of prominence in languages of the world [9]. Hence, following Kohler [12] this paper also refers to prominence

2. METHODS
2.1. Database

Sora text corpus used in this work includes disyllabic lexical data compiled from various sources.
The primary sources are Hora and Sarmah [10], Ramamurti [16] and Anderson and Harrison [3]. Text
data compiled from these sources consists only disyllables that also represent vowel minimal sets and
consonant minimal sets. Taking all these data together, a total of 1160 Sora lexical items is compiled
in this work.
Subsequently, Sora speech data is generated by
recording the cumulative text corpus through field
studies that were conducted in Assam and Odisha.
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struents and onset of the glottal pulse of the following vowel and sonorant consonants are marked between the beginning and end of weaker formants.
Acoustic measurement of the vowels is based on
formant frequencies of the first two formants (F1
and F2). Formant frequencies for F1 and F2 are extracted at vowel midpoints for steady state formants
using a script for Praat. Also, in order to show the
perceptual distances between the vowels [13], formant frequency values for F1 and F2 are converted
from Hertz to Mel using an inbuilt function in Praat.
Additionally, in order to control the variation in
formant frequencies caused due to the speaker’s
physiological differences, F1 and F2 frequencies of
all six Sora vowels are normalized in this work. In
this regard, Adank [1] has shown that vowel normalization method proposed by Lobonov [14] effectively removes the speaker’s physiological influence,
and preserves the phonemic and sociolinguistic information contained in the formant frequency of
vowel sounds. Therefore, this work also adopts the
vowel normalization method proposed by Lobonov
[14] to reduce speaker effect on the six Assam Sora
vowels /i, e, a, o, u, @/ using equation 1.

During the field study, all the participants were
recorded saying every word once in isolation and
once in the sentence frame ‘ñen ____ gamlai’ translated as ‘I ____ said’. The speakers were recorded
with a Shure unidirectional head-worn microphone
connected to a Tascam linear PCM recorder via xlr
jack. The sampling frequency was 44.1 kHz, 24 bit
in WAV format.
2.2. Participants

The Sora speech database is built by recording 50
native Sora speakers including 40 Sora speakers of
Assam and 10 Sora speakers of Odisha. Both male
and female speakers are recorded whereby 50% of
the speakers are males and 50% are females. Average age of both male and female speakers is 49
years. Field studies in Assam were conducted in
four villages including Singrijhan and Sessa tea estate in Sonitpur district, Lamabari tea estate in Udalguri district and Koilamari tea estate in Lakhimpur
district. In Odisha, the field study was conducted in
a village named Raiguda in Rayagada district. Figure 1 shows the map of Assam and Odisha, highlighting Sora villages in light grey and highlighting
areas of data collection in dark green.

(1) z =

Figure 1: Locations of data recording.

x−µ
σ

In equation 1 z represents the normalized formant frequency calculated for the individual formant
value x; µ represents the mean value of individual
speaker’s formant frequency values and σ represents
the standard deviation in individual speaker’s formant frequency values. Thus, with the help equation
1 the six vowel sounds are normalized separately for
every speaker.
2.4. Statistical Measurements

In order to measure vowel dispersion, in terms of
perceptual distance, euclidean distance between all
the vowels in prominent and non-prominent syllable is calculated for the Sora vowel system. Euclidean distance measurement is commonly used to
show vowel dispersion in terms of perceptual distance between two vowels in the F1 and F2 plane of
a vowel space [13]. In other words, euclidean distance basically measures the distance between the
points which represent the position of two vowels
in a vowel plot. Also, since vowel points represent a combination of F1 and F2 frequencies, the
distance considers both F1 and F2 frequencies of
the two vowels for which the euclidean distance is
calculated. Therefore, euclidean distance between
two vowels represent the combined effect of F1 and

2.3. Acoustical Measurements

Sora has six vowels including /i, e, a, @, o, u/ [10],
[11]. This work examines the acoustic properties of
the six vowels individually in prominent and nonprominent syllables. For this purpose, digital speech
data described in §2.1, was manually annotated in
Praat [5] for (a) word boundary (b) syllable boundary and (c) phoneme boundaries. While vowels are
marked between steady state formants, obstruents
consonants are marked between release of the ob-
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F2 frequencies of the two vowels. Thus, in order
to measure vowel dispersion, in terms of perceptual distance, euclidean distance is calculated in this
work using equation 2.

Table 1: Average F1 and F2 of Sora vowels in
non-prominent syllable with standard-deviation in
parenthesis.

i
e
a
@
o
u

q
(2) eud = (F1x − F1y )2 + (F2x − F2y )2
In equation 2 eud represents the euclidean distance between two vowels based on their F1 and F2
frequencies. F1x , F1y and F2x , F2y represent the
F1 and F2 frequencies of the two vowels between
which the euclidean distance is calculated.
Subsequently, in order to compare vowel space in
prominent and non-prominent syllable, vowel area
space of Sora vowel system in the two syllables is
estimated. For this purpose, the vowel system is divided into three parts representing three vowel triangles such as /i-e-a/, /i-a-u/ and /u-o-a/. Then area of
the three vowel triangles is calculated using equation
3.
(3) area =

p

F1
271.98 (35.84)
339.54 (38.49)
448.67 (70.25)
319.16 (44.20)
397.66 (43.18)
307.13 (38.30)

F2
912.82 (66.71)
864.47 (61.76)
758.55 (66.46)
788.75 (68.53)
639.52 (76.72)
591.27 (86.99)

Table 2: Average F1 and F2 of Sora vowels
in prominent syllable with standard-deviation in
parenthesis.

i
e
a
@
o
u

s(s − a)(s − b)(s − c)

In equation 3 ‘a’, ‘b’, ‘c’ represent lengths of the
three sides of a vowel triangle and ‘s’ represents the
summation of a, b and c or (a+b+c). Also, lengths
of the three sides of every vowel triangle basically
represents the euclidean distance between two vowel
points. For example, in the the vowel triangle /i-e-a/,
‘a’ represents the euclidean distance between /i/ and
/e/, ‘b’ represents the euclidean distance between /e/
and /a/ and ‘c’ represents the euclidean distance between /a/ and /i/ in the vowel triangle. Subsequently,
after calculating the area of the three vowel triangles
in a vowel system, overall vowel area space of the
vowel system is estimated by adding the areas of the
three vowel triangles.

F1
284.20 (40.82)
382.02 (42.54)
479.78 (57.65)
342.65 (51.25)
416.80 (46.51)
318.68 (41.60)

F2
914.82 (64.89)
841.17 (60.34)
735.54 (50.86)
796.38 (66.52)
603.44 (49.73)
613.59 (96.82)

prominent and non-prominent syllables, in case of
back vowels, greater change is usually observed in
F2 frequency, whereas in case of front and central
vowels greater change is usually observed in F1 frequency. This indicates that Sora back vowels are often fronted or retracted, and front vowels are often
raised or lowered depending on the prominence patter in Sora. This kind of movement is also evident in
Sora vowel plots presented in Figure 2.
Figure 2: Speaker normalized Sora vowel plots in
prominent and non-prominent syllables.

3. RESULTS
3.1. Vowel formants in prominent and non-prominent
syllables

By examining the formant frequencies of Sora vowels separately in prominent and non-prominent syllables, it is revealed that formant frequencies of all
vowels change as a function of syllable prominence.
Table 1 shows the average F1 and F2 of all Sora
vowels in non-prominent syllables and Table and 2
shows average F1 and F2 of all Sora vowels in the
prominent syllable.
From Table 1 and Table 2 it is observed that while
both F1 and F2 frequencies of all vowels change in

Figure 2 shows the speaker normalized Sora
vowel plots in prominent and non-prominent syllables. The vowel plots reveals that while mid front
vowel /e/ is raised in the non-prominent syllable, it
is lowered in the prominent syllable. Likewise, it is

3460

dispersed from the mid central vowel depending on
their prominence patterns. Hence, it is confirmed
that dispersion between all Sora vowels in the vowel
system is reduced or expanded to a certain degree as
a function of syllable prominence.

revealed that while the mid back vowel /o/ is fronted
in the non-prominent syllable, it is retracted in the
prominent syllables. Hence, the formant frequency
analysis of Sora vowels confirms the fact that vowel
formants particularly F1 and F2 of all vowels change
as a function of prominence in Sora.

3.3. Vowel Area Space in prominent
and non-prominent syllables

3.2. Vowel dispersion in prominent
and non-prominent syllables

Variation in vowel dispersion between Sora vowels
in prominent and non-prominent syllables also effects the overall shape and size of Sora vowel system. This phenomenon is revealed by estimating the
vowel area space of Sora vowel system separately in
prominent and non-prominent syllables. Estimated
vowel area space of Sora vowel system in prominent
and non-prominent syllables is presented in Table 5.

As a result of variation in foramnt frequencies of
Sora vowels, caused due to syllable prominence, it
observed that vowel dispersion (perceptual distance)
between Sora vowels is also effected. It is observed
that, depending on the prominence patterns, Sora
vowels have different dispersion in the vowel system. Table 3 shows the dispersion between Sora
vowels, in terms of Euclidean distance, in the nonprominent syllable and Table 4 shows the same in
the prominent syllable.

Table 5: Vowel area space of Sora vowels in
prominent and non-prominent syllables.

Table 3: Euclidean distance between Sora vowels
in non-prominent syllable.

@
u
o
a
e

i
132.73
323.46
300.81
234.55
83.07

@

u

o

a

197.85
168.63
132.98
78.41

102.58
219.12
275.11

129.50
232.34

152.08

VAS

@
u
o
a
e

@

u

184.35
206.70
150.02
59.63

98.64
202.05
236.23

o

146.35
240.27

Prominent
Syllable
34733.08

Estimation of vowel area space presented in Table 5 reveals that vowel area space of Sora vowel
system is essentially different in the prominent and
the non-prominent syllables. This indicates that, the
vowel space encompassing all the vowel sounds in
Sora vowel system is normally effected as a function
of syllable prominence. Consequently, it is observed
that vowel area space is usually larger in the prominent syllable than in the non-prominent syllable.

Table 4: Euclidean distance between Sora vowels
in prominent syllable.

i
132.08
303.20
338.45
265.32
122.45

Non-Prominent
Syllable
30791.67

4. DISCUSSION

a

Formant frequency measurements and statistical
measurements in this work have revealed that F1 and
F2 frequencies of Sora vowel system change as a
function of syllable prominence. Specifically, it is
shown that Sora vowel system has different formant
frequencies in prominent and non-prominent syllables, vowels are differently dispersed in prominent
and non-prominent syllables. Consequently, resulting in different vowel spaces of Sora vowel system
in prominent and non-prominent syllables. Thus, it
is shown that syllable prominence significantly effects the Sora vowel system. Hence, it is suggested
that in addition to the temporal measures of syllable prominence namely, duration, intensity and f 0,
vowel dispersion can also be a significant correlate
of prominence in the Sora language.

143.93

By examining the euclidean distance between
Sora vowels in prominent and non-prominent syllables it is revealed that dispersion between all vowels is generally minimized or maximized as a function of syllable prominence. It evident that front
vowels /i/ and /e/ are relatively close to each other
in non-prominent syllable, but separated further in
the prominent syllable. Similarly, the central vowels
/a/ and /@/ are relatively closer to each other in the
non-prominent syllable than in the prominent syllable. Likewise, the back vowels also differently
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ABSTRACT
This is an acoustic phonetic analysis of vowels and
diphthongs in the Changde Mandarin Chinese dialect.
10 speakers, 5 male and 5 female, provided speech
data. The first three formants for each vowel and
diphthong element were measured and spectral
dynamic data were calculated for each diphthong.
Results suggest that monophthongs and falling
diphthongs are single-event articulations, whereas
rising diphthongs are sequences of two articulation
events.
Keywords: vowel (monophthong), falling diphthong,
rising diphthong, the Changde Mandarin dialect.
1. INTRODUCTION
Syllables are straightforward in Chinese dialects, as
each syllable is a separate written unit. And Chinese
syllables have a simple structure, which could
basically be represented as CGVC (initial consonant,
on-glide, vowel nucleus, and coda), but there is
controversy regarding the hierarchy of structure ([1],
[2]). The essential issue concerns the phonetics and
phonology of vowels and diphthongs. There is a long
debate on the definition of diphthongs in the literature.
Some linguists view a diphthong as a single vowel
with a phonetically complex nucleus ([3], [4], [5]),
while others treat a diphthong as a sequence of two
vowels or a combination of one vowel and one
semivowel ([6], [7]). Even for English, for instance,
there is no consensus regarding what a diphthong is
([8], [9], [10]). And various solutions were proposed
for structuring Chinese syllables ([11], [12], [13],
[14], [15], [16], [1]).
Recent researches from Chinese dialects renewed
the issue of diphthongs. Accumulative evidence from
acoustic as well as lingual kinematic data showed that
falling diphthongs in Chinese dialects are composed
of a dynamic target, while rising diphthongs are
composed of two targets ([17], [18], [19], [20], [21]).
For instance, [ai] is a single dynamic articulatory
event, while [ia] is a sequence of [i] and [a].
Changde is located in northwest Hunan. It’s
basically an area of the Xiang dialects family; but the
Changde dialect belongs to the southwestern
Mandarin dialects family ([22]). Previous studies on

3463

the Changde dialect are mainly dialectological works
([23]) and little has been done on the basis of acoustic
phonetic measurements. As a Mandarin dialect,
Changde is typical in that it has a limited number of
monophthongs and a rich inventory of diphthongs and
triphthongs. There are 8 monophthongs [ɿ i y e a o ɯ
u], 4 falling diphthongs [ai ei au əu], 8 rising
diphthongs [ia ie ua ue uo ya ye yo], and 6 triphthongs
[iau iəu uai uei yai yei] in open syllables. There are
less vowel distinctions in nasal-ending syllables: 5
monophthongs [a e i u y ə], and 4 rising diphthongs
[ia ua ya yo].
This paper is an acoustic phonetic description of
Changde vowels. On the basis of fine-grained
phonetic details, it aims to give an acoustic-evidencebased vowel phonology of the Changde dialect in
particular and to give a better understanding of
syllable complexity in Mandarin Chinese dialects in
general. Due to the space limit, this paper focuses on
vowels and diphthongs in open syllables.
2. METHODOLOGY
10 native speakers, 5 males and 5 females, provided
speech data during the fieldwork trip in 2018. None
of them reported any speech or hearing disorders.
Meaningful monosyllabic words containing the
target vowels in all environments were used as test
words. Target words are onset-less syllables or
syllables with a bilabial initial stop [p]. Each test
word was placed in a carrier sentence [X, təu13 X
kɛ21 ni21 tʰiŋ55] “X, read X for you to listen”. The
speakers were instructed to read the randomized word
list naturally in a normal speech rate.
The 16-bit audio sounds were recorded through an
AKG microphone directly into a laptop PC with a
Lexicon I-O 22 sound card. The sampling rate is
11,025 Hz. Five repetitions were recorded.
The target vowels were labelled in praat 6.0.29
([24]). The diphthongs were annotated as being
composed of an onset, an offset, and the transition
connecting them. The lowest four formant
frequencies were extracted from the midpoint of the
steady state for the onset or offset segment. If there is
no steady state, first formant (F1) minimum was taken
as the target point for high vowels and F1 maximum
was taken as the target point for low vowels. The
duration of each segment was measured. And range

and rate of the second formant (F2) change were
further calculated for each diphthong.
3. RESULTS

other. As shown in Table 1, they can nevertheless be
differentiated in F3, although having similar F1 and
F2.
3.2. Diphthongs

3.1. Monophthongs

Figure 1 shows the 8 Changde monophthongs [ɿ i y ɛ
a ɔ ɯ u] in the acoustic vowel plane. The acoustic
vowel space is determined by using the first formant
(F1) as ordinate and second formant (F2) as abscissa
with the origin of the coordinate to the top right.
Coordinates are bark-scaled ([25]), but still labelled
in Hertz. Each two-sigma ellipse, which intuitively
manifests the vowel distribution, is based on 30
sampled data points.
Figure 1: 2-sigma ellipses for the Changde
monophthongs in male (left) and female speakers
(right).

As compared to monophthongs, there are less
distinctions in diphthongs. The 4 falling diphthongs
have a 4-way oppositions, i.e. 2-way oppositions of
height in both front and back series: [ai ei] and [au əu].
The rising diphthongs have a 2-way opposition for the
i-series [a e], and a 3-way opposition for the u-series
and y-series [a e o]. Acoustic properties of diphthongs
were characterized below in terms of temporal
organization, spectral properties, and dynamic
aspects.
3.2.1. Temporal organization:
Mean durations in milliseconds and in percentages of
diphthong components, namely onset, transition, and
offset, for the 12 diphthongs were plotted in bar charts
in Figure 2 and 3 respectively.
Figure 2: Mean durations in milliseconds of
diphthong components in male (upper) and female
speakers (lower).

Table 1: Means and one-way ANOVAs for
F1, F2, and F3 (in Hz) of [ɿ ɯ].
F1
F2
F3

Male
ɿ
ɯ
422
391
F=11.263；P=0.887
1428
1534
F=10.996; P=0.0015
2913
2242
F=79.592; P＜.0001

Female
ɿ
ɯ
441
453
F=2.627； P=0.673
1637
1685
F=26.505; P=0.11
3376
2947
F=83.025; P＜.0001

Changde monophthongs show a triangular
distribution in both male (left) and female (right)
speakers. There are 3 levels of height and 3 levels of
backness: [i y ɿ ɯ u] are high vowels, [e o] are mid
vowels, and the low vowel [a] does not distinguish in
backness; [i y ɛ] are front vowels, [ɿ a] are central
vowels, [o u ɯ] are back vowels. First, mid vowels [e
o] are diphthongized. As is denoted in the figure, [e o]
are actually [eɛ oɔ] respectively. Second, except for
the high vowels, Changde monophthongs have a
predictable relationship between backness and lip
rounding: front vowels are unrounded and back
vowels are rounded. Both front and back high vowels
distinguish in lip rounding: [i ɯ] vs [y u] respectively.
Third, the apical vowel [ɿ] occupies a central high
position in the acoustic F1/F2 vowel space. This is an
acoustic characteristic of apical vowels that is
commonly observed in Chinese dialects ([26]).
Fourth, the ellipses for the apical vowel [ɿ] and
unrounded back vowel [ɯ] heavily overlap with each
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First of all, not all diphthongs have three
components. About 15% of falling diphthongs have
no steady state for the offset in male speakers, and
about 22% in female speakers. About 5% of rising
diphthongs have no steady state for the onset but only

in male speakers. Furthermore, some diphthongs only
have a transition. That is, the formants are always
changing. The temporal organization for these
diphthongs were denoted by an asterisk in the figures.
Figure 3: Mean durations in percentages of
diphthong components in male (upper) and female
(lower) speakers.

diphthong onsets [i u y] and offsets [a ɛ o] and the
corresponding monophthongs extensively overlap
with each other. The only exception is [u] in [ue],
which exhibits a clear effect of anticipatory
coarticulation so that the ellipse for [u] shits inward
to a less peripheral position in the acoustic vowel
plane in both male and female speakers. However it
is still a high back position and as manifested by the
size of ellipse, the variabilities for diphthong element
[u] in [ue] and the monophthong [u] are comparable.
In summary, spectral data suggest that both onset and
offset elements in rising diphthongs are well
controlled as their monophthongal counterparts. In
other words, rising diphthongs have two specific
spectral targets.
Figure 4: 2-sigma ellipses for the onset and offset
of [ia ie] and corresponding monophthongs in male
(left) and female (right) speakers.

Figure 5: 2-sigma ellipses for the onset and offset
of [ua uɛ uo] and corresponding monophthongs in
male (left) and female (right) speakers.

Second, falling and rising diphthongs exhibit
different patterns of temporal organization in general.
The transition is the longest component, taking about
40%-60% of total duration in falling diphthongs,
while the offset tends to be the longest component,
taking about 40%-60% of total duration in rising
diphthongs. The rising diphthongs in Changde show
a pattern of temporal organization similar to other
Chinese dialects, whereas the falling diphthongs are
quite different to those in other dialects such as
Ningbo Wu ([17]), Longchang Mandarin ([18]),
Taiyuan Jin ([19]), Cangnan southern Min ([20]), and
Hui dialects ([27], [28], [29]). In these dialects,
falling diphthongs have a balanced structure in
temporal organization.

Figure 6: 2-sigma ellipses for the onset and offset
of [ya ye yo] and corresponding monophthongs in
male (left) and female (right) speakers.

3.2.2. Spectral properties
Figures 4-6 compare formant patterns of the onset and
offset elements of rising diphthongs with their
monophthongal counterparts in the acoustic F1/F2
vowel plane. Diphthong onsets were denoted by
offsets in parentheses, and vice versa.
It can be seen from the figures that both onset and
offset elements in rising diphthongs have comparable
distributions to their monophthongal counterparts in
the acoustic vowel plane. In general, ellipses for
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Figures 7-8 show the ellipses for diphthong
components of falling diphthongs and their
monophthongal counterparts. Different to in rising
diphthongs, only onsets in falling diphthongs have
comparable distributions to their monophthongal
counterparts, whereas the offsets in falling
diphthongs are highly variable. This is well illustrated
by [ai au] in Figure 7. [a]s in [ai au] are comparable

to their monophthongal counterpart, although there is
certain effect of anticipatory coarticulation so that [a]
in [ai] shifts to an anterior position and [a] in [au]
shifts to a posterior position. But the offsets, [i] in [ai]
and [u] in [au] only reach a mid-high, rather than a
high position in the acoustic vowel plane. It seems
that falling diphthongs do not have two spectral
targets as rising diphthongs do. Rather, falling
diphthongs have a dynamic spectral target.
The other two falling diphthongs [ei əu] have
spectral movements shorter than [ai au] in the
acoustic vowel plane. [ei əu] and [ai au] form a high
versus low distinction from a dynamic perspective of
diphthong production ([24]). Moreover, as mentioned
earlier, the monophthong [e o] is diphthongized [eɛ
oɔ] respectively. That is, [ei əu] are diphthongs with
opposite directions of spectral movement to [eɛ oɔ]
respectively.

diphthongs in both male and female speakers: [ai]＞
[ei]＞[au]＞[əu] both in terms of F2 range and rate of
change. Second, rising diphthongs have a much
greater range and rate of F2 change than their falling
counterparts in both male and female speakers, e.g.
[ia]>[ai], [ie]>[ei], [ua]>[au], and [ue] or even
[uo]>[əu]. Third, there is however no consistent
pattern of F2 range or rate of change among rising
diphthongs.
Table 2: Mean ranges in Hz and rates in Hz/ms of
the F2 change for the diphthongs in Changde.

Diphthongs

Falling

Figure 7: 2-sigma ellipses for onsets and offsets of
[ai ei] and corresponding monophthongs in male
(left) and female (right) speakers.

Rising
Figure 8: 2-sigma ellipses for onsets and offsets of
[au əu] and corresponding monophthongs in male
(left) and female (right) speakers.

Male

Female

ΔF2

rate

ΔF2

rate

au

218

1.85

339

2.41

əu

156

1.38

197

1.71

ai

751

5.11

954

5.36

ei

400

3.42

748

4.99

ie

512

6.74

666

6.34

ia

900

10.47

1079

15.41

ue

611.37

5.99

925.09 12.33

ya

394.41

4.81

523.42

ua

532.31

7.39

715.82 10.08

uo

380.81

3.93

457.44

6.63

ye

253.39

2.72

271.77

2.59

yo

978.87

11

6.98

1117.83 12.28

4.CONCLUSION

3.2.3. Spectral dynamics:
The range and rate of second formant (F2) change
capture certain dynamic aspects of formant structure
in diphthong production ([31], [32]). However, F2
range and rate of change are viable for the
characterization of diphthongs in languages with a
simple inventory of diphthongs, but not in languages
with a complex inventory of diphthongs ([33], [34],
[35]). And data from Chinese dialects suggest that
falling and rising diphthongs should be taken into
account separately ([26]).
Figure 3 shows means of ranges in Hz and rates in
Hz/ms of F2 change for the diphthongs in Changde
dialect. First, there is a clear pattern for the falling
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This paper gives an acoustic phonetic description of
the vowels and diphthongs in the Changde dialect.
And vowel phonology was discussed on the basis of
fine-grained phonetic details.
First, Changde monophthongs have a 3-way
distinction in height and backness. And the mid high
vowels [e o] are diphthongized [eɛ oɔ] respectively.
Second, falling diphthongs have a dynamic spectral
target, while rising diphthongs have two spectral
targets. Third, the transition is the longest component
in a falling diphthong, while the offset is the longest
component in a rising diphthong. In summary, falling
diphthongs and monophthongs are single-event
articulations, while rising diphthongs are sequences
of two articulation events. And falling diphthongs are
characterized by a much smaller range and rate of F2
change than rising diphthongs. Last, but not least, it
should be admitted that more data from languages are
needed to further explore what is universal and what
is language-specific in vowel production.
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ABSTRACT
Static cues such as formant measurements obtained at
vowel midpoint are regularly taken as the main
correlates for the identification of monophthong
vowels. However, dynamic cues have been shown to
yield better separation of vowels in some languages.
This study aims to evaluate the role of static vs
dynamic cues in Hijazi Arabic (HA) vowel
classification, with vowel duration and F3 as
additional cues. Data from 12 male HA speakers
producing eight HA vowels in /hVd/ syllables were
obtained and evaluated using discriminant analysis.
Results show that dynamic cues, particularly the
three-point model, had higher classification rates
(+98%) than the remaining models. Vowel duration
had a significant role in classification accuracy
(+11%). Our results are in line with dynamic
approaches to vowel classification but also highlight
the relative importance of cues across languages;
here, the primacy of vowel duration was stark,
potentially reflecting the role of length in Arabic
phonology.
Keywords: Static cues, dynamic cues, discriminant
analysis.
1. INTRODUCTION
Formant frequencies are crucial acoustic correlates
for the identification of vowels. For many years,
however, the main approach to describing vowels has
focused on measuring the first two formants (F1 and
F2) at mid-point (e.g. [1], [21], [24], among others).
This static approach was followed because it was
believed that a vowel’s midpoint is the target position
which a speaker tries to reach when he/she produces
vowels and where a minimal shift in formant value is
seen [24]. Nevertheless, subsequent studies have
reported that other cues such as dynamic cues—in
particular Vowel-Inherent Spectral Changes (VISC)
e.g. [3], [19], [22] and the three-point model e.g. [9],
[11], [13], —contain essential information, not only
for diphthongs but also for monophthong vowels. For
instance, discriminant analysis yields better
separation of monophthong vowels based on their
acoustic measurement when the acoustic parameters
are taken from more than one location.
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VISC is defined by [22] as the “relatively slowly
varying changes in formant frequencies associated
with vowels themselves”. It is taken from two
locations: one around the vowel onset (at 20%) and
the other near the vowel offset (at 70-80%) over the
full duration of the vowel to eliminate the effects of
surrounding consonants [11], [22]. VISC has three
primary accounts, namely a) onset + offset (offset
model, henceforth), in which the values of the final
formant are prioritised, b) onset + slope (slope model,
henceforth), which is based on the premise that the
rate of change over time is the significant cue, and c)
onset + direction (direction model, henceforth),
which focusses on the direction of formant frequency
changes [8], [18], [22].
Many studies have compared static spectral
features with either one of the VISC models
(particularly offset) e.g. [10], [11], [12] or all of VISC
approaches e.g. [3], and concluded that using VISC
models leads to higher correct classification rates than
using one point. Moreover, other studies such as [25]
and [26] found VISC models to be helpful in
improving the separation between lax and tense
vowels in English. Regarding the offset, [15] found
that Chinese speakers, who have a sparse vowel
system, exhibited significantly greater spectral shifts
in their productions of vowels than Korean speakers,
who have a dense vowel system [16], [17]. Another
line of studies e.g. [7], [9], [11], [13], [27], [28], has
found a more accurate vowel separation of
monophthong vowels when using the three-point
model (where formant measures are taken from three
locations, namely, at 20% onset, 50% midpoint, and
80% offset during vowel duration) than the midpoint
model.
Beyond the first two formants, whose major
acoustic correlates of vowel identification all of the
aforementioned research has emphasised, the role of
third formant (F3) and vowel duration as additional
cues have been reported to play a role in vowel
discrimination e.g. [11], [12], [26]. For example, [11],
who collected their data from /hVd/ syllables, noted
that the inclusion of vowel duration increased the
separation accuracy of the vowel by 12% in some
cases; F3 appeared to have an influence, but not more
than the inclusion of vowel duration.
Within research on Arabic, only one dynamic
study of vowels has been carried out, but its emphasis

was not on intrinsic dynamic cues; rather, it was
focussed on looking at extrinsic dynamic vowel
variation (see [2]). Hence, this study is the first step
into the field of intrinsic dynamic cues in the Arabic
language. With respect to HA vowels, [4], [14], and
[20] classified HA vowel production as the following:
/i:, a:, u:, i, a, u, e: and o:/. As can be gleaned from the
phonemic symbols, Arabic is a quantitative language
that relies on vowel duration to form phonemic
contrasts [1]. However, there is a debate regarding the
tense/lax aspect of Arabic vowels, and a few studies
have indicated a difference in both quantity and
quality between vowels e.g. [1], [2].
The purpose of the current study is to investigate
to what extent the static and dynamic cues, including
all VISC models and the three-point model, improve
the classification of HA vowels. A second aim it to
explore to what extent vowel duration and F3 act as
additional cues to classification accuracy. Using these
results, we also explore whether HA vowels pairs
which differ in phonological length exhibit a
difference in term of quality as well as quantity.

vocalic segment were manually labelled for each
/hVd/ syllable by following the formants
homogeneity method. The vowel duration between
the start and end boundaries was measured (in ms).
F1, F2, and F3 were extracted from one location (50%
for the static model), two locations (20% and 80% for
VISC models), and three locations (20%, 50%, and
80% for the three-point approach) across the vowel
duration. For the offset model, the first three formants
were computed as

2. METHODOLOGY

All formant values were checked manually to
ensure the accuracy of the results, and any errors in
formant estimation were corrected by hand.
Discriminant analysis was conducted to evaluate the
extent to which the static model, VISC models, the
three-point approach, and other acoustic feature sets
(F1, F2, F3, and vowel duration) improved vowel
classification as reported by [3], [11], [12], among
others. A post hoc t-test was used to determine the
statistical significance of the study results.

The participants were 12 male native HA speakers,
aged 18 to 30. Recordings were made on a Zoom
digital H1 Handy Recorder with a sampling rate of
44,100 Hz and 16-bit amplitude resolution. The HA
speakers were asked to produce all vowels in a
monosyllabic /hVd/ context within the phrase /ktoːb
marteːn/, which means “Write twice” (see Table 1).
Together, the HA stimuli comprised 5 repetitions × 8
vowels × 12 HA male participants = 480 items.

(1)

Offset80% - Onset20%

whereas for the direction model, the first three
formants were computed as
(2) (Offset80% - Onset20%),
and for the slope model, the first three formants were
computed as
(3) (Offset80% - Onset20%)/duration

3. RESULTS

Table 1: The set of target words presented to the
participants (column 2) alongside nearest real word
where the target word use was a non-word.

3.1. Static and dynamic cues

Beginning with the static model, Figure 1 shows a
clear and significant separation in the vowel space
between the HA vowels, in particular short and long
pairs (p<.001). The results also showed lax vowels to
be more centralised than their long counterparts.
Figure 1: Scatterplot of the midpoints of the first
two formant values of Hijazi Arabic vowels.

It was difficult to put all of the target vowels into real
/hVd/ words in HA, therefore, the nearest real HA
words which have the same target vowels in the
nonsense /hVd/ syllables were used such as /xoːd/ and
/zeːd/. Acoustic analysis was undertaken using
PRAAT [5]. The vowel duration and the first three
formant values were automatically extracted with the
aid of a PRAAT script. The onset and offset of the
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Regarding dynamic cues, particularly the offset
model, the amount of overall spectral shifts for HA
vowels was significant (see Figure 2; in particular
between the first quartile, median, and third quartile).
Figure 2: Boxplot of the offset model for the eight
HA vowels (F1- above and F2 - below).

The results of the direction and the slope model in
Figure 3 varied among the HA vowels. Most
importantly, the direction and slope of the F1 spectral
change of short vowels displayed a significantly
decreasing spectral shift compared to their long
counterparts.

3.2. Discriminant analysis

The results of the three proposed approaches were
evaluated via Discriminant Function Analyses which
were run in three stages: the classification accuracy
of all eight HA vowels, followed by the correct
classification rates of the lax and tense HA vowels
(/i,/ /a/, /u/ vs /i:/, /a:/, /u:/) as a group and finally the
HA vowel pairs (/i:/ vs /i/, /a:/ vs /a/ and /u:/ vs /u/).
In general, the discriminant analysis results
showed that taking three measurements from the
vowel resulted in the highest classification accuracy
(from 93% to 97%) for all eight HA vowels, followed
by the offset model (from 91% to 97%), the static
cues (from 90% to 96%), then other VISC models,
namely, the slope model (from 61% to 74%), and the
direction model (from 57% to 74%). The correct
classification rate for the duration alone was 24% (see
Table 2).
Table 2: Discriminant analysis results showing the
classification accuracy of vowels trained on various
combinations of parameters (“No Dur” indicates
that the duration was not included, whereas “Dur”
means the duration was included).

Figure 3: F1 results of the direction model (above)
and the slope model (below).

In terms of the classification of lax and tense HA
vowels as a group, which showed a higher
improvement in the classification accuracy in
comparison to Table 2, the three-point approach and
the static model obtained the best rates (97–99% and
96–99%, respectively), followed by the offset model
(between 94% and 98%), then the slope model
(between 77% and 91%) and direction model
(between 73% and 90%). Additionally, the tense/lax
vowel group was classified with 31% accuracy based
on duration (without formant values) (see Table 3).
Table 3: The correct classification rates of HA
vowels (lax and tense).

Running a discriminant analysis on vowel pairs
naturally presents a noticeable improvement in the
classification accuracy compared to Table 2 and 3.
The three-point model had a better rate (99%),
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followed by the static model (between 96% and 99%),
then by the offset model (between 95% and 99%)
whereas it was between 78% and 99% for the slope
model, and between 74% and 99% for the direction
model. In addition, the classification rate of HA
vowel pairs was between 96% and 99% for the
duration alone for each of these pairs (see Table 4).
Table 4: The correct classification rates of HA
vowel pairs.

The inclusion of vowel duration with the formant
frequencies in any model led to a substantial
improvement in vowel separation up to 25% (average
+11%) while F3 improved the discrimination rate by
between 1% and 4% overall (average +1%).
4. DISCUSSION AND CONCLUSION
The data demonstrate that the three-point model is the
best model and is the most accurate for classifying
HA vowels in all three stages (with average of 98.1%)
in comparison to the other proposed models. Such a
finding is in line with previous studies e.g. [7], [9],
[11], [13], [27], [28]. The offset model, on the other
hand, comes in second (with average of 97.5%),
which also supports other research e.g. [11], [10],
[12]. Interestingly though, the data reveal that the
static approach was sufficient, obtaining higher
accuracies (with average of 97.1%), and was superior
to the other proposed VISC models based on direction
and slope. Such a result is contrary to expectations of
other studies e.g. [3], [22]. The interpretation of this
result could be illustrated as follows: those studies
which found that direction and slope models
outperformed single-point models in classification
accuracy examined both models in different phonetic
environments than /hVd/, and according to [6], [9],
[23], [26], the /hVd/ context is acoustically least
comparable to other consonantal contexts. [6] found
that by using the discriminant analysis, the
recognition scores are least accurate from tokens
taken from /hVd/ compared to other contexts. This
could be due to the phonological voicing status of the
following coda, which might significantly alter
spectral characteristics and vowel duration. Putting
such findings together, it seems to be the case that
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there are experimental results in which vowels with
other consonantal context transitions, which provide
additional information regarding the vowel’s
phonetic identity, are identified more accurately by
all VISC models than vowels in isolation or /hVd/
[23], which do not contain as many transitions.
Hence, it is likely the differences in findings between
this paper and those of other studies e.g. [3], [22] are
due to contextual and language differences.
The slope and direction models provide a better
overview of the characterisation of dynamic cues of
the HA vowels, particularly the tense/lax pairs. Such
a result is consistent with [25] and [26]. In addition,
such results support other studies e.g. [1], [2], which
argue that Arabic tense and lax vowels are different
in terms of their quantity as well as their quality. This
study found that HA vowels displayed great spectral
movement and that due to that the low-density
languages would have more space and freedom to
produce their vowels compared to high-density
languages; such a consequence is in agreement with
other studies e.g. [15], [16], [17]. Our results
demonstrate that the effectiveness of the first two
formant frequencies is indisputable for the overall
classification of HA vowels. Although duration alone
was not sufficient for the distinction of all HA vowels
combined (Table 2) or for the distinction between
tense-lax as a group (Table 3), when combined with
formants, it adds to the overall classification of HA
vowels. However, when looking at the tense-lax pairs
(Table 4), the results show that the role of formant
patterns and vowel duration is almost comparable,
which is expected as Arabic vowel pairs are
extensively distinguished by duration [1]. Therefore,
this study highlights the importance of duration in HA
vowels due to the prominent role of phonological
length in Arabic phonology. This conclusion is in line
with many previous studies e.g. [11], [12], [26].
Vowel duration in this study has more influence on
overall vowel classification than has been found
elsewhere, with a substantial improvement in vowel
separation (up to 25%) while in [11] study was only
up to 12%. F3 appears to have little influence on the
classification accuracy of HA vowels, which is in
agreement with other studies e.g. [11].
To sum up, our results are found to be more
consistent with dynamic theories of vowels, as they
provide evidence that monophthong vowels are
dynamic and that vowel duration is the most useful
additional feature to differentiate between phonemes.
These results could be extended to look at contexts
beyond hVd, as suggested by many researchers e.g.
[11], [26], in order to dig deeper into dynamic
properties in various consonantal contexts and
provide further comparative research, which will be
our next step.
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ABSTRACT
It has been observed (e.g. [2]) that an intrusive vowel
(Vi) is frequently produced in obstruent+/R/ clusters,
which is interpreted as a cluster simplification
process.
Here we look at Vi next to /R/ in a broader variety
of contexts, in a corpus of 12,981 words read by 103
speakers of Quebec French [3, 4].
LMM shows that Vi is more likely to appear wordinitially than in clusters, which questions the
interpretation of Vi in terms of simplification. Vi is
also more likely to appear with apical than dorsal /R/
(both attested in Quebec French) and, in clusters, after
voiced obstruents. Vi is significantly more frequent in
monosyllabic than in polysyllabic words. Regarding
the quality of Vi, t-tests between Vi and the following
vowel’s mean F1 and F2 (Hz) and duration show that
there is little to no difference between the quality of
the two vowels, though Vi is significantly shorter.
Keywords: Vowel intrusion, Quebec French,
Rhotics, Consonant clusters.
1. INTRODUCTION
French phonotactics allows a variety of consonant
clusters: obstruent-obstruent (1a-c), obstruentsonorant (1d), and sonorant-obstruent (1e), which can
appear in branching onsets (1a), coda-onset
sequences (1b), or branching codas (1c).
(1) a.
b.
c.
d.
e.

sport
fructose
pacte
fleur
sultan

[spɔχ]
[fχyk.toz]
[pakt]
[flœχ]
[syl.tɑ̃]

‘sport’
‘fructose’
‘pact’
‘flower’
‘sultan’

Clusters are often reduced by consonant deletion or
vowel epenthesis, and simplification tends to be
related to the degree of similarity between the
consonants in the cluster [1]. Furthermore, [2] show
for Quebec French (QF) that vocalic elements may
appear in onset obstruent+/l, R/ clusters, where
epenthesis had not been observed, as in poudrer ‘to
powder’ pronounced [pudeʁe]. They find that these
intrusive vowels (Vi) appear almost exclusively with
/R/, not /l/. They looked at the frequency of vowel
intrusion and the duration and quality of the vowel,
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with respect to a variety of factors (the obstruent’s
manner and place of articulation and voicing; position
of the cluster in the word; stress; quality of the
preceding and following vowels). They observed,
inter alia, that Vi durations ranged from 27 to 50ms
and Vi’s shared features with adjacent vowels. Vowel
intrusion was also more frequent when the obstruent
was voiced. However, [2]’s results are not globally
congruent with the idea that intrusion is favored in
clusters composed of more similar consonants.
Here, we further explore vowel intrusion in the
context of /R/ in QF, building on the results of [2], but
with more speakers, more phonotactic contexts, and
more types of /R/. We observe intrusion before wordinitial /R/, a fact also reminiscent of initial vowels in
words like regarde ‘look’ [əʁɡaʁd] and demande
‘ask’ [ədmɑ̃d] [3]. Intrusion not being necessarily
dependent on clusters, we look at it both in clusters
and word-initially. Knowing that QF exhibits
variation between apical and dorsal realizations of /R/
[4], we also investigate the effect of the place of
articulation of /R/ on the frequency of intrusion, in
addition to the manner of articulation and voicing of
the preceding obstruent, as well as position in the
word. Finally we report on the duration and spectral
features of Vi and compare them to those of the
following vowel (Vw hereafter).
2. METHOD
2.1. Corpus

The data selected for this study is a subpart of the
Canadian portion [4] of the Phonologie du Français
Contemporain (PFC) project [5]. We considered 103
native speakers of QF (µ=51.6 years, σ=22.4) from
ten different locations in Quebec and one in Ontario.
Among other tasks, each speaker read two lists of
isolated words, and a total number of 13,724 tokens
of /R/ were produced in 163 different word types.
These tokens appeared in six broad contexts:
- #_V: roc [ʁᴐk] ‘rock’
- OBS_V: gris [ɡʁi] ‘grey’, mettre [mɛtχə] ‘put’
- V_C: turban [tyʁbɑ̃] ‘turban’
- V_V: pourri [puʁi] ‘rotten’
- V_#: port [pᴐχ] ‘port’
- C_#: mettre [mɛtχ] ‘put’
After a semi-automatic alignment [6] in Praat [7],
each token was manually annotated for the type of /R/

(manner and place of articulation, and voicing, based
on one annotator’s perception and inspection of the
spectrogram). When an intrusive vowel was present,
its quality, based on F1 and F2 values on the
spectrogram, was also indicated. A total of 2437 Vi’s
were identified (µ=23 per speaker, σ=11.3). They all
occurred in #_V, OBS_V and, marginally, V_C
contexts. In #_V and OBS_V, the Vi always preceded
/R/, in V_C it followed it. From now on, we will only
focus on these three contexts (N=9304).
2.2. Data processing

For each annotated intrusive vowel Praat scripts
extracted the duration (s) and mean F1 and F2 (Hz),
as well as the word to which the vowel belonged, its
phonemic context, and the duration (s), and mean F1
and F2 (Hz) of the following vowel. The preceding
vowel was not considered, as it is irrelevant in the
case of word-initial /R/. The extracted values were
manually checked and corrected.
For instance, for every exemplar (one per speaker)
of the word creuse [kχøz] ‘hollow.FEM’, our script
created a column indicating the presence or absence
of an intrusive vowel between [k] and [χ] and, if there
was one, the script extracted its duration, mean F1,
and mean F2, the preceding context [k], the following
context [χ], as well as the duration, mean F1, and
mean F2 of the vowel [ø]. The preceding and
following phones were grouped into broad categories
distinguishing sonorants (SON), obstruents (OBS),
and word boundaries (#). The preceding context was
also coded for voicing: [+/-voice] or irrelevant (for
word boundaries). Finally, the number of syllables
and position in the word were indicated
(monosyllabic, 1st syllable of a dissyllable, 2nd
syllable of a dissyllable, etc.).
We used a linear mixed model completed by
Tuckey posthoc tests to analyse vowel epenthesis.
The presence of a Vi was set as the dependant
variable. Segmental context, syllabic position,
voicing, and place of articulation of /R/ were set as
fixed effects, and word and speaker were set as
random effects.
3. RESULTS

congruent with the assumption that Vi’s are meant to
simplify complex consonant structures [1, 2]; this will
be discussed in section 4.
As our corpus exhibited variation between apical
and dorsal types of /R/, we looked at the effect of
place of articulation on Vi’s and noticed that intrusion
is significantly more frequent with a following apical
/R/ (p<0.001). As can be seen in Table 1, 36% of
apical realizations of /R/ were preceded by a Vi, as
opposed to 23% for dorsal ones.
Table 1 : Number of Vi’s as a function of the place of
articulation of /R/ (NR = unrealized /R/, e.g. mettre [mɛt]
‘put’; “unrealized Vi” = Vi that did not occur)
Place of
articulation
Apical
Dorsal
NR
Total

3.1.1. The effect of place and manner of
articulation
Out of the 9304 positions for a potential Vi, 2437 Vi’s
were actually realized. Vi occurred in three contexts:
#_/R/, OBS_/R/, and marginally, /R/_OBS. Vi’s were
significantly more frequent word-initially (32%) than
in clusters (23%) (p< 0.001). This observation isn’t
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Nb of
unrealized Vi
1629

Total
2555

1511

5096

6607

_

142

142

2437

6867

9304

Apical realizations of /R/ are always SON, while
dorsal ones alternate between SON and OBS. The fact
that apical /R/’s attract more Vi’s could indicate that
SON /R/’s are more likely to trigger intrusion than
OBS /R/’s. We therefore looked at the behavior of
dorsal /R/ alone (see Table 2) and observed that
significantly more Vi’s were produced in #_OBS than
in #_SON (p<0.05). We also found significantly more
intrusions in OBS_SON than in OBS_OBS
(p<0.001).
Thus, Vi’s seem to behave differently in clusters
than in word-initial position when /R/ is dorsal. They
appear more often with initial obstruent /R/’s, but
preferably before a SON in clusters. However,
DorsSON realizations of /R/ in clusters seem to
appear mainly after a voiced cluster-initial consonant
(C1), a context that is known to favor intrusion [2].
We therefore further look at the effect of C1 voicing.
Table 2 : Number of Vi’s per place and manner
of articulation of /R/.
Place/
manner of
articulation
#_OBS

3.1. Frequency and context of appearance of Vi

Nb of
realized Vi
926

Dorsal
/R/
450

#_SON

134

OBS_OBS

502

OBS_SON

419

SON_OBS

3

Grand Total

Apical /R/

873

173
753
919

Total
Vi
450

Total
nb of
tokens
1297

307

1003

5052

3343

1172

3396

3

265

2437

9304

3.1.3. Mono vs. polysyllabic words

3.1.2. The effect of voicing
As shown in Table 3, we had a similar number of
voiceless and voiced C1, but we observed twice as
many Vi’s in voiced (32%) than in voiceless (16%)
contexts (p<0.001). This replicates [2]’s results.
Table 3 : Number of Vi’s preceded by a [+/voice] consonant. ‘Irrelevant’ applies to wordinitial /R/’s (#_R).
C1 voicing

Nb of

Nb of unrealized

Vi

Vi

Total

Voiceless

555

2886

3441

Voiced

1125

2355

3480

Irrelevant

757

1626

2383

Total

2437

6867

9304

We also looked at the interaction between C1 voicing
and manner of articulation for dorsal /R/ (as
mentioned in 3.1.1.). Among the 6607 occurrences
involving a dorsal /R/, 4789 were located in clusters
(see Table 4). In the OBS[-voice]_SON context, 10%
of Vi were realized, vs. 37% for OBS[+voice]_SON,
(p<0.001). Likewise, 7% of Vi’s were realized in
OBS[-voice]_OBS, vs. 30% for OBS[+voice]_OBS
(p< 0.001). In OBS[+voice] contexts only, we found
30% of intrusion before DorsOBS /R/ vs. 37% before
sonorants (p<0.001). This indicates a clear impact of
C1 voicing on the realization of a Vi, as well as an
impact of manner of articulation (at least in voiced
contexts), but the former appears more important.
Thus, the larger number of Vi’s in OBS_DorsSON
(Table 4) could be nothing but a collateral effect of
C1 voicing in those clusters.

OBS
OBS
OBS
SON
SON
OBS
Tot.

No
Vi
1769

Vi

-Voi
Tot.

124

400

45

2169

169

Vi

1893

No
Vi
899

+Voi
Tot.

381

1280

3173

445

633

374

1007

1452

161

3

164

164

1693

758

2451

4789

2338

+Voi

Tot.

Table 5 : Number of Vi per position in the word.
E.g.: 1_2 : Vi was in σ1 of a dissyllabic word.

1_1

Nb of Vi
1331

1_2

745

2097

2842

2_2

125

789

914

Total

2201

5420

7621

Syl_Position

Nb of unrealized Vi
2534

Total
3865

3.2. Spectral and temporal differences between Vi
and Vw

3.2.1. Spectral measures

Table 4 : Interaction between voicing and
manner of articulation for Vi with dorsal /R/.
-Voi

As can be seen in Table 5, there were 3865 tokens of
monosyllabic words involving /R/ word-initially or in
a cluster. Among those, 34% were realized with a Vi,
as opposed to only 20% in polysyllabic words
(p<0.001).
We further explored the influence of syllable
position on the realization of Vi. We looked at
dissyllabic words only (‘2σ’ hereafter), as longer
words were highly underrepresented. Overall, 23% of
2σ were realized with a Vi. As the #_R context is only
possible in initial syllable, we only compared OBS_R
contexts in σ1 and σ2 of dissyllabic words. Results
showed that 26% of potential Vi’s were realized in σ1,
against only 14% in σ2. Thus, with regard to clusters,
Vi appeared significantly more often in 1st syllables of
2σ than in 2nd syllables (p<0.001), leading to the
hypothesis that word-initial syllables could favor
intrusion more than final ones. However this
assumption needs to be tested on a balanced
experimental design including words with more
syllables.

In this corpus, the large span and variability of
consonantal contexts does not allow us to further
explore the interaction between C1 voicing and the
phonetic properties of the following /R/. Thus a more
controlled set of data is needed.

3475

One goal of this experiment was to investigate the
link between the quality and length of Vi’s and those
of Vw’s. Overall, we had between 38 and 417 tokens
of each category among 13 oral vowel types
(µ=187.46, σ=119.01). For the paired comparisons of
Vi and Vw properties, we used a subsample of this
corpus that included 560 tokens of Vi-Vw pairs
belonging to /a, e, u, ᴐ, ø, o, ə, i, ɑ/.
All vowel categories pooled, we observed no
significant difference between the mean F1 and mean
F2 (Hz) of Vi’s and Vw’s (t(558)=-1.14, p=0.2;
t(558)=-2.03, p=0.07 respectively). However, T-tests
do not allow us to conclude that there is no difference
between the Vi and Vw groups. An equivalence test
(Toster package of R [8]) confirmed, all vowels
pooled, the equivalence between the mean F1 and
mean F2 values of Vi’s and Vw’s (p<0.001).

In addition, we performed a Linear Discriminant
Analysis (LDA). We trained the model on Vw’s and
then observed how Vi’s were classified. When there
were misclassifications, /o/ was classified as /ᴐ/; /i/ as
/e,ə,ø/; /ɑ/ as /a,o,ᴐ,ə/; and /ə/ as almost any other
category. These confusions can be explained by the
qualitative examination of the position of Vi’s and
Vw’s in the F1/F2 space, that shows a slightly more
centralized space for Vi’s (which is likely due to
variation in F2 if we take into account the t-test results
for F2). More specifically, misclassified /o/’s might
also be related to their diphthongized quality moving
from [ɔ] to a mid-high vowel [9]. Misclassified /ɑ/’s
always appeared word-finally, where the quality of
the vowel is known to be variable [9]; the same
explanation may apply to misclassified /ə/’s.

contexts pooled), and word-initial contexts favored
longer Vi’s. For both apical and dorsal /R/’s,
OBS_SON clusters showed the shortest Vi’s.
Figure 3: Distribution of Vi duration (s) in each
context and followed by apical (top) versus dorsal
(down) /R/.

3.2.2. Durations
We first compared Vi and Vw durations. As expected
Vi’s are far shorter (µ=0.061s, σ=0.02) than Vw’s
(µ=0.171s, σ=0.098), as shown in Figure 2 (t(571)=25.814, p<0.001).
Figure 2: Distribution of Vi’s (left) and Vw’s
(right) duration (s).

We also explored Vi durations across contexts. We
computed an analysis of variance (ANOVA) with
three factors: the manner of articulation of the
preceding and following segments (see Table 2), the
voicing of C1, and the place of articulation of /R/
(dorsal vs. apical). We also computed the interactions
between these three factors.
Manner of articulation had a significant impact on
Vi duration (F(3,564)=50.38, p<0.001), a posthoc test
(Tuckey HSD) then confirmed that this difference
was significant between all context categories, except
for OBS_OBS and #_OBS. As expected, #_SON
induced longer Vi’s than contexts where C2 was an
obstruent. Surprisingly OBS_SON clusters showed
the shortest Vi’s, while we could have expected
OBS_OBS clusters to induce shorter Vi’s.
The interaction between manner and place of
articulation of /R/ was also significant (F(1,550)=
3.825, p<0.05). As seen in Figure 3, generally
speaking, Vi’s followed by a dorsal /R/ were a bit
longer than those followed by an apical /R/ (all
3476

4. DISCUSSION
We pursued the work of [2] by adding more contexts
involving /R/. In addition to clusters in different
syllabic position (see 3.1.3), we looked at word-initial
/R/. We considered the place and manner of
articulation of /R/ (apical vs. dorsal, SON vs. OBS),
as well as C1 voicing and position in the word. Finally
we investigated interactions between the multiple
features of Vi’s contexts and their acoustical cues.
Overall our results showed fewer Vi’s than [2]. For
instance, [2] observed 89% of Vi after OBS[+voice],
against only 32% in our study. The source of this gap
is unclear. Intrusion was found to be more frequent
with apical realizations of /R/, which is consistent
with [2]’s comparison between French (whose /R/ is
dorsal) and Spanish (whose /R/ is apical). Intrusion is
also favored in monosyllables. This is compatible
with
a
word-minimality
effect,
whereby
monosyllabic words tend to be augmented by
epenthesis; see [9] for examples in French.
From the acoustical point of view, we observed
longer Vi’s than [2]. Furthermore, we established that
Vi’s were longer in #_SON and when /R/ was dorsal.
The quality of Vi and Vw was also compared, showing
similar F1 and F2 values, though Vi’s were slightly
reduced. This similarity suggests a vowel harmony
process between the two vowels.
Our results suggest that vowel intrusion does not
only serve to simplify clusters, as we observed more
Vi’s word-initially. It seems that the source of Vi’s is
to be found in articulatory or perceptual constraints
specific to /R/, but it remains to be determined
whether intrusion in clusters and word-initially share
the same motivation.
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ABSTRACT
This study analyses the velum movement in
Brazilian Portuguese nasalized diphthongs. The
study was made with a nasofiberscope to study the
size and the movements of the velopharyngeal
opening during the production of monosyllabic
words containing oral and nasal diphthongs [ej], [ẽȷ]̃ ,
[aw] and [ãw̃ ]. The data show that the velum
lowering is gradual and that different movements are
observable in the velopharyngeal opening. These
data confirm previous observations showing that
there are several phases in Brazilian Portuguese
nasalized diphthongs. The velum lowering has three
different phases. The findings show that: the
anticipatory velum lowering is variable, while the
closing movement is stable and the presence of the
nasal appendix appearing in all the nasalized
segments.
Keywords: Brazilian Portuguese, Nasalization,
Velum Movement, Fiberscope and Nosography.
1. INTRODUCTION
This is an ongoing research that provides
nasofibrescopic data of typologically rare and
understudied nasalized diphthongs from Brazilian
Portuguese (BP). This study follows the structure
and the methodology of Lovato et al. [9] to analyze
the general characteristics and the articulatory velum
movement during the speech production. The
complexity of this kind of analysis limits the amount
of data to study the nasality and the nasal
diphthongization, even though it is important to the
field. The contribution to BP is to infer some
answers to elucidate the variability of these
phonemes and its phonology, production and
characterization. The BP has 4 decreasing nasal
diphthongs: /ãȷ,̃ õȷ,̃ ãw̃ , ũȷ/̃ and five nasal vowels /ã,
ẽ, ĩ, õ, ũ/. According to Cagliari [5], all the nasal
vowels and the nasal diphthongs are diphthongized
in BP. There is a nasalized diphthongization
assimilation process that is favorable for emerging a
homorganic nasal consonant in coda [5]. In the
Paulistano variant, the front diphthong nasal vowel
/ẽ/ is diphthongized as [ẽȷɲ̃ ]. The tongue rises
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towards the palatal region after reaching the vowel
target. The glide emerges, resulting in a palatal
constriction [6]. Thus, the nasal diphthongization
produces a spurious diphthong. To control the
tongue movement, we analyzed the front and back
oral diphthong /ej/ and /aw/. The /ãw̃ / is a controller
to understand the tongue and velum movements. The
back nasal diphthong is produced as [ãw̃ ŋ]. So, the
set of coarticulatory adjustments results in a
homorganic nasal consonant that assimilated the
place of the articulation of left context boundary,
emerging then the nasal appendix [3] [5] [6] [7] [9]
[11] [12]. Thus, to describe and analyze the
phonological opposition: /aw/ vs. /aw̃ / and /ej/ vs. /ẽ/
and its phonetic realization: [ãw̃ ŋ] and [ẽȷŋ̃ ], we used
a fiberscope and photo-nasography (PNG) to
provide images of the nasal cavity to answers some
research questions as: (a) to evaluate the opening
and the closing velopharyngeal port trajectories,
during the nasal diphthongization; (b) to understand
the velum adjustment and the role of the lateral walls
movement (PNG data) during the production of
nasality; (c) to describe the velum movement in
correlation of the acoustical signal to the front nasal
vowel and the back nasal diphthongs.
2. MATERIALS AND METHODS
2.1. Speaker

A 30-years old female was recorded. She is a native
speaker from the Paulistano variant of BP.
2.2. Material

Twenty monosyllabic words were recorded,
opposing oral and nasal sequences of diphthongs,
including minimal and near pairs from BP. All the
words have a CVG and a CṼG̃ sequence during the
production, which includes the nasal vowels, oral
and nasal diphthongs. These words were recorded in
the carrier sentence: “Digo ___ todo dia”
([dʒigʊ__todʊ dʒiɐ] – “Say ____ every day”). We
set a voiceless dental consonant /t/ after the target
word to minimize the articulatory boundary effects
on the coda. The corpus is similar to previous works
[7]. The participant repeated 2 times the stimuli in a
normal speech rate. Data were processed with

MATLAB through homemade software and Praat.

figure 2. The speaker nasal cavity length is 14cm.
The fiberscope position does not interfere on the
velum movements. To record the acoustic data, a
microphone was attached to the endoscope.
These data were digitalized and sent to a
computer. The acoustic signal was sampled at 48
kHz with resolution of 16 bits.

Table 1: Front and back oral and nasal
diphthongs. Stimuli are in Portuguese and glosses
are in English.
Diphthongs
Front
Oral
[dej]
[sej]
[nej]
[hej]
[lej]

gave
known
Ney
king
law
Back
Oral

[paw]
[maw]
[taw]
[saw]
[kaw]

wood
bad
these
salt
lime

Nasal
[tẽȷ]̃
have
[sẽȷ]̃
without
[nẽȷ]̃
neither
[hẽȷ]̃
REM
[bẽȷ]̃
good

2.4. Measurements

Nasal
[pãw̃ ]
bread
[mãw̃ ]
hand
[tãw̃ ]
so
[sãw̃ ]
sane
[kãw̃ ]
dog

2.3. Data Acquisition

The data were collected in the European Hospital
Georges Pompidou in Paris. For being an invasive
experiment, a doctor performed the recording
section and the speaker was under utopian
anesthesia. To visualize the nasal cavity, a 3mm
flexible silicone tube was inserted on the speaker
nostrils into the middle turbinate. A micro-camera
(Olympus OTV-SF) on the fiberscope recorded the
videos; capturing 25 images per second, resulting in
one picture every 10ms. The phototransistor with a
mini cold light illuminated the nasal cavity and its
walls, as shown in the figure 1 and 2.
Figure 1: Detail of the camera insertion in the
nasal cavity. Nasofiberscope video-endoscopy
position to data collection. Adaptation of Amelot
[2].

The parameters to characterize the set of velum
movements are: temporal duration (ms) and spatial
velum movement (px). Through synchronization
between the fiberscope images and the acoustic
signal, it was possible to quantify the velum
movement and the distance between the lateral
pharyngeal walls (LPW). We also analyzed the
video separately from the acoustic signal. From the
videos, we extracted the frames to measure imageby-image of the soft palate movement. This was
possible through the variation between intensity and
the trans-illumination that passed over the nasal
cavity. We also created a default measurement to
represent the reference point. This point was set
during the breath phase, when the soft palate is in
the lowest aperture, as shown in figure 3.
Figure 3: A frame showing the reference point (Rf),
according to Amelot [2]. Anterior view from the nasal
cavity.

To evaluate the soft palate movement and the
LPW data, we measured the delta between lowest
and highest points. In figure 4, we can see the
difference between the velum position and the Rf
point, the lowering (a) and raising (b)
movements.
Figure 4: Example of velar measurement. The
Frames are showing the velum lower and higher
points [2]. Anterior view from the nasal cavity.
a)
b)

Figure 2: Illustration of the light diffusion inside
the cavity. Adaptation of Amelot [2].

Inside the nasal cavity, the flashlight was placed
2cm away from the image sensor, as shown in

From the correlation between the fiberscope and
acoustics, it is possible to indicate, on the
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waveform, the opening and closing velum’s
movement, as shown in the figure 5 below:

figure 6 the illustration of the extraction of velum
movement.
3. RESULTS AND DISCUSSION

Figure 5: The alignment among nasofiberscope
frames and acoustic output data. Target word:
“pão.”

3.1. The nasal appendix

The acoustics analysis shows that the nasal appendix
(represented as N) is present in all the cases. Its
duration had a total µ = 109 ms and σ = 26 ms (n =
20). The mean of the total acoustic duration of nasal
segments is bigger than the oral counterpart,
corroborating with previous studies [7] [9] [10]. In
[9] the nasal appendix appeared in 85% and its
duration is similar, in the context of occlusive coda
boundary.
Table 2: Acoustic Duration (ms) of front and back
oral and nasal diphthongs: Mean (SD) (n=10).

From the spectrogram we made the acoustic
segmentation and extracted the acoustic durations.
To simplify the analyses, the nasal diphthongs were
segmented into three phases. (1) From the nasal
vowel release since the (2) the nasal glide, when the
F2 moves towards to F1 and the higher frequencies
moves towards the lower frequencies or, to back
nasal diphthongs. Already for the front nasal vowel,
the F2 moves toward F3. (3) The appendix nasal is
the last part of the nasal diphthong and is
represented for the nasal murmur (N). That is
characterized by reinforcement of the lower
frequencies, and the higher frequencies are
amortized, as shown in figure 6 (a and b):
Figure 6: The alignment among data. (a)
Waveform, (b) spectrogram, (c) LPW movement
(d) lowering and closing velum movements. Target
word: “pão.”

[ẽȷ]̃
[ãw̃ ]
[ej]
[aw]

Vowel
98 (10)
102 (20)
157 (32)
149 (17)

Diphthongs
Glide
Appendix
77 (18)
111 (20)
95 (16)
108 (33)
95 (24)
130 (30)

Total
286 (20)
305 (32)
252 (46)
279 (25)

3.2. The velum movement

The beginning of the velum lowering had three
different behaviors start to open [2], as: (a) plateau,
(b) peak before opening or (c) instability (over
vibratory movement). This gestural manner could be
illustrated according to Amelot [2], in the figure 7:
Figure 7: Illustration of the velum behavior. The
grey lines represent the beginning and the ending
of the velum. Adaptation of Amelot [2].

a) Plateau

b) Peak

c) Instability

a)
The percentage of the velum oscillation to (a) is 80%
of the cases. The small opening and closing
movements represented on (b) and (c) are 10% of
the cases, respectively (n=20).

b)
c)
d)
In (c), we can see the LPW movement (PNG). The
peak on this line indicates de most distance between
the LPW. In (d), the vertical lines show the
beginning and the ending of the velum movement.
On the graphic, the gestural goes thought the
drawdown and the valley. This movement set refers
to the lowering movement, the maximal velum
aperture and the velum’s raising. We can see at the

3480

Table 3: Temporal coordination among fiberscope
data and LPW data, to soft palate displacement. Front
and back nasal diphthongs. Mean (SD) ms (n = 8).
Velum Duration
Fiber
LPW
[ẽȷ]̃
356 (83)
342 (50)
[ãw̃ ] 328 (57)
324 (26)

The velum trajectory has a homogenous duration for
the velum and LPW displacement. However, there is
a difference between the measures of the soft palate

lowest point (fiberscope data) and movement of the
LPW (PNG data), as the following table 4.
Table 4: Spatial coordination among fiberscope data
and LPW data. Velum displacement. Front and nasal
diphthongs: Mean (SD) px (n = 10).
Velum Valley / Peak
Fiber
LPW
[ẽȷ]̃
- 171 (29) 66,5 (7)
[ãw̃ ]
- 179 (41) 72,8 (5)

Table 5: Delta of the temporal coordination.
Opening: nasal vowel onset and velum lowering (ms).
Carryover: appendix duration and the velum offset.
Mean (SD).

[ẽȷ]̃
[ãw̃ ]

There are a few differences between the values of
front and back nasal diphthong. This difference is
bigger comparing the data of the spatial variation
amount between fiberscope and LPW. Through this
graphic below is possible to visualize this spatial
variation.

[ẽȷ]̃
[ãw̃ ]

Velum Lowering – Opening (n=8)
Anticipation
Postpone
Fiber
LPW
Fiber
LPW
67 (53)
103(111)
40 (30)
16(1)
116 (95)
59 (49)
26 (24)
Velum Closing – Carryover (n=10)
Fiber
LPW
Fiber
LPW
84 (66)
16(1)
84 (65)
27 (9)
135 (46)
26 (24)
135 (54) 30 (11)

The figure 8 has illustration of the temporal gestural
coordination of nasal coarticulation. According to
Lovato [9], our results could be schematized as:
Figure 8: Illustration of the temporal velum
trajectory. Adaptation of Lovato [9].

Graphic 1: Spatial velum movement among
fiberscope data and PNG data to soft palate
displacement. Front and nasal diphthongs: Mean
(SD) px (n = 10).

Soft Palate Space Coordination
200
Fiber

100

PNG

0
[ẽj̃]

[ãw̃]

The PNG variation shows the movement of the LPW
is similar and, this determines the correct global
velum movement [7]. This movement can change
the segment quality, on this data LPW movement is
not variable, but with nasal vowels is variable [1]
[2].
3.3. Temporal Correlation: acoustic and velum
duration

This illustration shows that there is a gestural
synchrony between oral and nasal articulation to
mark the end of the nasal diphthongization in the
coda. There is no coordination between the velum
lowering and the nasal vowel onset (a, b). The offset
articulation (c), the relation between the acoustic
nasal appendix, the velum closing and the LPW
distance is more stable and coordinated in our data,
due to the left boundary /t/.
4. CONCLUSION

The correlation between the nasal vowel onset and
the velum lowering gesture can be divided in two
behaviors: when the velum movement starts before
(anticipation) or after (postpone) of the nasal vowel
release. The delta between the acoustic durations of
the oral and nasal gestures exposes that the
beginning of soft palate lowering/opening is
variable. On the table 5, we do not add the duration
values of the item mãe or nem because the velum is
already lowered. To mãe, the means are: (a) 182 (72)
ms to fiberscope data and (b) 240 (56) ms to LPW
(n=2). To nem, the mean for the 2 occurrences are:
(a) 232 (17) ms to fiberscope data and (b) 245 (18)
ms to LPW (n=2).
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We conclude that in BP, nasal diphthongization is
the result of the timing variation of the velum
mechanism of opening and closing movements,
associated with the tongue movement [7]. The
coordination between oral and nasal gestures affects
the realization of nasal vowels and diphthongs. Even
if the nasal vowel is considering as a monophthong,
both types of segments have a nasal appendix as an
outcome of the tongue raising and a velum carryover
articulation. Our data show that the velum trajectory
and the narrowing of the LPW are important
parameters to velopharyngeal control. While the
anticipatory velum lowering is variable, the closing
is a controlled.
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ABSTRACT
This paper presents an analysis of singleton and
geminate ejectives in Tsova-Tush, an understudied
Northeast Caucasian language spoken in Zemo
Alvani, Georgia. The Tsova-Tush phoneme inventory
contrasts ejectives with aspirated stops at four places
of articulation: /p’ t’ k’ q’/. Additionally, geminate
stops contrast with singletons at two places of
articulation: /tʰː t’ː qʰː q’ː/. Geminate ejective stops
are cross-linguistically rare phonemes. The goal of
this study is therefore to describe the acoustic
properties of these stop contrasts, with special
attention to the geminate ejectives.
Analyzed data included 500 segmented stops
from high-quality recordings of six native speakers of
Tsova-Tush. The results showed that geminates were
significantly longer than singletons in closure
duration, but did not differ in VOT. Ejectives had
significantly shorter VOT than aspirated stops, as
well a difference in f0 and H1*-H2* in the following
vowel, but with marked interspeaker variation in the
latter measures.
Keywords:
ejectives,
geminates,
endangered languages, Tsova-Tush

acoustics,

1. INTRODUCTION
Tsova-Tush, also known as Batsbi or Bats [ISO 6393: bbl] is a critically endangered Northeast Caucasian
language spoken by a few hundred people in Zemo
Alvani, Georgia. Tsova-Tush exhibits a phonemic
contrast between ejectives and aspirated stops at four
places of articulation, with geminate stops at two
places of articulation, as shown in Table 1. Of
particular interest are the two geminate ejectives, /t’ː/
and /q’ː/. Phonemic geminate ejectives are crosslinguistically rare, reported in only 13 of the 2,155
phoneme inventories listed in PHOIBLE [14].
The present study provides the first acoustic
description of the contrast between aspirated and
ejective stops in Tsova-Tush. We explored the
following acoustic measures as potential correlates of
the aspirated vs. ejective stop distinction: total
duration, closure duration, VOT, length of the
preceding vowel, and voice quality during the
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following vowel. We find that Tsova-Tush ejectives
are characterized by shorter total duration, shorter
VOT, and creakier voice quality at vowel onset.
This study included only voiceless stops.
However, as shown in Table 1, Tsova-Tush has
phonemic voiced stops as well, which will be
discussed briefly in section 4.
Table 1: Tsova-Tush stops that contrast by airstream
aspirated singleton
geminate
ejective singleton
geminate
voiced (singleton)

bilabial
pʰ
p’
b

coronal
tʰ
tʰː
t’
t’ː
d

velar
kʰ
k’

uvular
qʰ
qʰː
q’
q’ː

g

Our study builds on a previous study comparing
singleton and geminate stops in Tsova-Tush by Hauk
[9]. Prior to that study, some descriptions of these
Tsova-Tush stops had referred to the geminates as
“intensive,” claiming that intensives were
characterized by some other acoustic properties of
intensiveness rather than duration alone. The study in
[9] found that the so-called intensives (henceforth:
geminates) were characterized only by longer total
duration and longer closure duration. The other
acoustic properties measured in [9] (VOT, length of
the preceding vowel, intensity of the burst, intensity
during the post-burst interval, and voice quality of the
following vowel) did not differ for geminates, contra
claims that these segments were somehow intensive.
Hauk’s study did not specifically target the
contrast between aspirated and ejective stops;
however, some effects were found. The ejectives at
coronal (varying between dental and alveolar) and
uvular places of articulation included in the study had
a slightly shorter total duration, a shorter VOT, a
shorter preceding vowel, and different voice quality
in the following vowel, where the direction of the
latter effect varied by speaker. However, Hauk’s
study compared only those segments that contrasted
in terms of intensiveness, excluding bilabial and velar
ejectives, and was based on data from only three
speakers. Therefore, these observations about
ejectives can only be taken as preliminary.
Our study extends Hauk’s study by including the
bilabial and velar stops to provide a complete picture
of the contrast between aspirated and ejective stops at

all places of articulation. Further, we include data
from three additional speakers, which is crucial for
investigating ejectives, given that the previous study
indicated some interspeaker variation in the
production of ejectives.

2. METHODS
2.1. Data collection

This study combines data from Hauk’s study [9] with
new data from three additional speakers. In [9], three
Tsova-Tush speakers (one female, two male), were
recorded pronouncing 62 target words in a carrier
sentence /ɑs _ ɛɬnɑs/ ‘I said _.’ The recordings were
made in identical recording conditions on August 9,
2017, inside a consultant’s home in Zemo Alvani.
For the present study, three additional speakers
(two female, one male) were recorded pronouncing
102 target words (i.e., the previous word list extended
to contain more bilabial and velar stops) in the same
carrier sentence. These recordings were made in July
of 2018 at the consultants’ homes in Zemo Alvani.
All recordings were made using a Zoom H2 solid
state recorder with an external lapel microphone
recording at 48 kHz/24 bit.
The speakers whose productions were analyzed
in this study are listed in Table 2.
Table 2: Speakers analyzed in this study
initials
NB
RO
RS
KD
PQ
TQ

sex
F
M
M
F
M
F

approx. age
at recording
60
60
60
60
93
93

year
recorded
2017
2017
2017
2018
2018
2018

2.2. Data preparation

The recordings were segmented in Praat [4] on the
phoneme level and on a sub-phonemic phonetic level,
identifying the components of each target phoneme
(Table 1), in accordance with segmentation
recommendations by [1, 8]. Measurements of
duration were extracted via Praat scripts. Measures of
voice quality (H1*-H2* and H1*-A3*) were collected
via the VoiceSauce application [11] in MATLAB®.
2.3. Data analysis

The following measures were selected for analysis
of the distinction in airstream and consonant length:
total duration, closure duration, VOT, duration of
the preceding vowel, and spectral tilt (H1*-H2*, H1*A3*) of the following vowel. Measures of duration
were predicted to be associated with gemination,
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while spectral tilt was expected to correlate with the
distinction in airstream [13, 8]. However, each of
these measures have the potential to be at least a
secondary effect for either geminates or ejectives.
For instance, in some languages (Italian [15],
Japanese [10], Lebanese Arabic [2]), geminates can
be produced with tighter adduction of the vocal
folds, resulting in a creaky voice quality (i.e. lower
spectral tilt) in the surrounding vowels.
Because not all places of articulation contrast in
terms of consonant length, a subset of the available
data comprising only singleton stops was used
initially to explore whether airstream (aspirated vs.
ejective) predicted the aforementioned measures.
Additionally, a subset of the available data
comprising only coronal and uvular stops was used
to compare geminate ejectives (/t’ː q’ː/) with
singletons and aspirated stops. The number of data
points analyzed, therefore, varied across statistical
models.
The data were analyzed using linear mixed
effects regression models with the relevant acoustic
measure as the dependent variable and either
airstream (aspirated, ejective) or consonant length
(singleton, geminate) as the independent variable,
using the package lme4 [3] in RStudio [17]. The
fixed effects included place of articulation (bilabial,
coronal, velar, uvular) for all models, as well as
vowel height (low, mid) for analyses of spectral tilt.
Owing to the small size of the datasets, no
interactions were included. The random intercepts
were by speaker and by word, with random slopes
for airstream by speaker.
Deviation coding (via the function contr.sum)
was used, comparing each level of the independent
variables to the grand mean. P-values were
calculated using the Kenward-Roger approximation
in the lmerTest package [12]. RDI (pirate) plots
were made using the package yarrr [16].

3. RESULTS
3.1 Total duration

In this study, total duration of stops was the sum
of closure duration and VOT. Following a pause,
stops lack a well-defined closure duration; preceding
a pause, stops lack a well-defined VOT. Total
duration was therefore undefined for these stops.
Therefore, those segments were excluded from the
relevant duration measures.
Among singleton stops contrasting by airstream,
there were 335 tokens for which total duration could
be defined. Linear regressions showed that the total
duration of ejective stops was shorter than the grand
mean (p < 0.001, β = 42 ms). Additionally, bilabial

stops were found to be slightly longer than the grand
mean (p = .035, β = 22 ms). Other places of
articulation did not differ in total duration.
Among stops contrasting by length (i.e., only
coronal and uvular stops), there were 335 tokens for
which total duration could be defined. The total
duration of geminate stops was found to be
significantly longer than the grand mean (p < .001, β
= 113 ms), while ejectives remained significantly
shorter (p = .001, β = 45 ms).
3.2 Closure duration

stops. Linear regressions showed that the duration of
vowels preceding geminate stops did not differ from
the grand mean (p = .665, β = 2 ms). However, the
duration of vowels preceding ejectives was found to
be shorter (p = .007, β = 12 ms). Although these
results are consistent with the findings of the previous
study in [9], it is curious that the difference in
preceding vowel duration was found to be significant
in this data subset (with singleton and geminate
coronal and uvular stops), but not in the other subset
(with only singleton stops at all four places of
articulation).

Among singleton stops contrasting by airstream,
there were 372 tokens for which closure duration
could be defined. Linear regressions showed that the
closure duration of ejective stops did not differ from
the grand mean (p = .172, β = 7 ms). Only velar stops
differed from the grand mean in this measure, with a
slightly shorter closure duration (p = .031, β = 18 ms).
Among stops contrasting by length, there were
396 tokens for which closure duration could be
defined. Linear regressions showed that the closure
duration of geminate stops was significantly longer
than the grand mean (p < .001, β = 114 ms), while
ejectives again showed no difference.

3.5 Spectral tilt in following vowel

3.3 VOT

Figure 1: RDI plot of H1*-A3* in following vowel by
airstream (2017 data)

Among singleton stops contrasting by airstream,
there were 334 tokens for which VOT could be
defined. Linear regressions showed that the VOT of
ejective stops was significantly shorter than the grand
mean (p < .001, β = 32 ms). The VOT of uvular stops
was found to be slightly shorter than the grand mean
(p = .041, β = 14 ms), while no significant difference
in VOT was found for other places of articulation.
Among stops contrasting by length, there were
333 tokens for which VOT could be defined. Linear
regressions found that the VOT of geminate stops did
not differ from the grand mean (p = .970, β = 0 ms),
while the VOT of ejectives was again confirmed to be
shorter (p < .001, β = 26 ms).
3.4 Duration of preceding vowel

There were 238 phonemically short (or non-long)
vowels in the data set that preceded aspirated or
ejective singleton stops. Linear regressions showed
that these vowels preceding an ejective stop did not
differ in length from the grand mean (p = .323, β = 6
ms). Vowels were found to be slightly longer before
coronal stops (p = .010, β = 28 ms), with no
significant differences before stops at other places of
articulation.
There were 371 phonemically short vowels that
preceded singleton and geminate, coronal or uvular
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Spectral tilt was only measured in low or mid vowels
(/ɑ, o, e/) immediately following a target consonant in
the second syllable of a target word. We excluded
high vowels because, even after corrections to
amplitude measurements to account for different
vowel qualities, the spectral tilt of high vowels
differed too much to be meaningfully compared.
Because the exclusion of high vowels left only 204
data points to compare, geminates were left in this
dataset, and consonant length (singleton, geminate)
was treated as an additional fixed effect.

Figure 2: RDI plot of H1*-A3* in following vowel by
airstream (2018 data)

For these 204 tokens, spectral tilt as measured by
H1*-H2* in vowels following an ejective was found
to be significantly lower than the grand mean (p =
.038, β = 1.5 dB). This tendency was confirmed with
a second measure for spectral tilt, H1*-A3*, which
was again significantly lower for vowels following an
ejective (p = .017, β = 3.8 dB). The latter model was
also a better fit for the data (pseudo-R2 = .609, vs.
.440 for H1*-H2*). Additionally, mid vowels had a
lower H1*-A3* than the grand mean (p < .001, β =
5.4 dB), an effect that was not found of H1*-H2* for
mid vowels. No significant effect of consonant length
was found for either measure (for H1*-H2*, p = .999,
β = 0 dB; for H1*-A3*, p = .140, β = 2.4).
Hauk’s study in [9] had also found a difference in
spectral tilt following an ejective, although the
consistency and the direction of the effect differed for
the three speakers analyzed, as shown in Figure 1;
speaker NB had breathier vowels following an
ejective. However, the new speakers added for the
current study showed much less variation: for all
three speakers, vowels were significantly creakier
following an ejective, as shown in Figure 2. The wide
boxes (representing the 95% Highest Density
Interval) and wide spread of data points shown in
these figures probably indicate that there is an
additional factor conditioning a change in voice
quality beyond the factors considered here.
This tendency for creaky voice in vowels
following an ejective is similar to what is observed
for ejectives cross-linguistically [8, 18].

4. DISCUSSION AND CONCLUSIONS
We found that Tsova-Tush ejectives were
characterized by a shorter total duration, shorter
VOT, and creakier voice quality in the following
vowel, but not by closure duration or the duration of
a preceding vowel, as summarized in Table 3.
Further, this study confirmed the findings of a
previous study [9] comparing singleton and geminate
stops in Tsova-Tush with three additional speakers;
as before, geminates differed only in total duration
and closure duration, and not by any additional
measure.
Table 3: Results for acoustic measures of ejective and
geminate stops
Total dur.
Closure dur.
VOT
Preceding V
H1*-H2*
H1*-A3*

effect for ejectives
shorter
no difference
shorter
no difference
lower
lower

effect for geminates
longer
longer
no difference
no difference
no difference
no difference

As noted above, in addition to aspirated and
ejective stops, Tsova-Tush has voiced stops (/b d g/,
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which were not analyzed in this study. Some of the
parameters measured here (especially VOT in the
negative dimension [6] and duration of the preceding
vowel) are certainly relevant to the contrast in
voicing. An additional study including voiced stops
would be revealing, especially if designed such that
the target consonants were to follow both
phonemically long and short vowels.
The findings of our study further highlight why
the previous study [9] failed to find any acoustic
correlates of the “intensiveness” of Tsova-Tush stops.
Many of the acoustic properties associated with
“fortis,” “tense,” or “strong” consonants in other
languages (a difference in VOT, preceding vowel
duration, burst intensity, and voice quality in the
following vowel) are reserved in Tsova-Tush for the
contrast between aspirated and ejective stops.
Table 4 summarizes the means of the measures
examined in this study for each stop type. In this
dataset, the closure duration of ejective geminates
was roughly 2.2 times longer than that of ejective
singletons, while the closure duration of aspirated
geminates was roughly 2.1 times longer than that of
aspirated singletons. The VOT of all aspirated stops
was roughly 1.7 times longer than that of all ejectives.
The Tsova-Tush ejectives observed here had a shorter
VOT for all places of articulation than has been found
cross-linguistically [5]. Based on this study, we
suggest that Tsova-Tush ejectives are typologically
most similar to the “slack” type of ejectives,
characterized by shorter total duration, shorter VOT,
and creakier voice quality at vowel onset, rather than
“stiff” ejectives [13].
Table 4: Means and standard deviations of stops

Total dur.
SD
Closure dur.
SD
VOT
SD
Preceding V
SD
H1*-H2*
SD
H1*-A3*
SD

singleton
aspirated ejective
184 ms
141 ms
42 ms
40 ms
113 ms
99 ms
31 ms
30 ms
72 ms
43 ms
25 ms
27 ms
106 ms
124 ms
23 ms
29 ms
6.5 dB
5.7 dB
3.2 dB
2.8 dB
20.4 dB
16.9 dB
6.5 dB
8.3 dB

geminate
aspirated ejective
301 ms
256 ms
73 ms
80 ms
232 ms
215 ms
57 ms
66 ms
70 ms
42 ms
30 ms
34 ms
126 ms
115 ms
28 ms
25 ms
4.4 dB
4.8 dB
2.7 dB
3.5 dB
15.4 dB
15.4 dB
6.3 dB
6.0 dB

This study therefore contributes the first acoustic
description of ejectives in Tsova-Tush, as well as one
of the first acoustic descriptions of geminate ejective
stops. These cross-linguistically rare segments only
exist in the phoneme inventories of understudied
languages, such as Tsova-Tush, further highlighting
the value of phonetic documentation of such
languages.
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ABSTRACT
Contrast between palatalized and non-palatalized
consonants is a robust feature of Russian. Nonpalatalized consonants are generally viewed as
velarized (with secondary dorsal articulation) rather
than “plain” (without secondary articulation). This
velarization has been proposed to play an important
role in the phonology of the language. The bases for
velarization are transcriptions and acoustics, as well
as physiological data from liquids. There is little
systematic articulatory investigation of whether
consonants other than liquids are velarized. The
present study used ultrasound data to determine
whether there were identifiable dorsal articulations in
labial stops, fricatives, and nasals, both word-initially
and word-finally. We looked at labials to avoid
confounding effects of other lingual targets. We
found that non-palatalized Russian labial consonants
have a velar constriction associated with them,
irrespective of manner. We further found that the
tongue-dorsum gesture associated with labial
consonants had a notable coarticulatory effect on the
neighboring vowel.
Keywords: Russian, velarization, ultrasound
1. INTRODUCTION
Russian has a robust contrast between palatalized and
non-palatalized consonants across manner, primary
oral articulator, voicing, and word/syllable position,
in both stressed and unstressed syllables [11, 14, 16,
21, 29]. It has been argued that Russian nonpalatalized consonants are in fact velarized [8, 9, 20,
21, 26, 30], i.e., they include a dorsal, velar gesture.
There are differing claims as to the exact nature of
this dorsal gesture, with some [21, 26] describing it as
a full velar gesture similar to that associated with [ɯ],
others [1, 17] describing it as a less extreme
articulation, and still others [4, 11] claiming the
retraction noted in “velarization” is a reflex of a
pharyngealization.
Another claim is that the target [18] or presence
[17] of velarization depends on the particular segment
or on the primary oral articulator [15]. It has also been
claimed that secondary velarization is optional [16],
though whether this optionality is within- or acrossspeaker is not stated explicitly.
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Most of the experimental work on velarization has
relied on acoustic data [8, 9, 20, 21]. Investigations
using articulatory data have been limited to
qualitative assessments of a small amount of data [4,
26] or few speakers [15]. An exception is a study by
Litvin [18], which used ultrasound data [27] from 6
speakers. Results from [18] contradicted the claims
that velarization is a reflex of pharyngealization and
that [s] lacks velarization since it is coronal [15].
Litvin found that whether the dorsal gesture was velar
or uvular was segment-specific, and also concluded
that the dorsal gesture was inherent to the consonant
since it was unaffected by the following vowel. Litvin
looked only at [l] and the fricatives [f, s, ʂ, x], all
word-initially. Since the realization of palatalization
varies based on word position and manner [8], the
realization of velarization may also depend on these
factors.
Velarization of non-palatalized consonants has
been argued to play an important role in the
phonology of Russian [21], as in other languages [2].
The present study was therefore designed to add to
the findings from [18] by using ultrasound imaging of
the tongue to determine whether there are identifiable
dorsal gestures associated with non-palatalized labial
consonants in Russian, across three different manners
and in two different word positions.
2. METHODS
The experiment was conducted in the Speech
Production, Acoustics, and Perception Laboratory at
the CUNY Graduate Center. The experiment was
approved by the CUNY Institutional Review Board.
2.1. Participants

Three native speakers of Russian, all originally from
Moscow and currently living in the New York City
metro area, took part in the experiment: one 29-y.o.
female, one 28-y.o. male, and one 32-y.o. male. All
speakers reported that they had no speech, language
or hearing disorders, and provided informed consent.
2.2. Procedure

2.2.1. Stimuli
Stimuli consisted of 6 CVC syllables, shown in Table
1. The segments of interest in all stimuli were labial

consonants: the stop [p], the fricative [f], and the nasal
[m], which appeared both word-initially and wordfinally. Labial consonants were chosen since the
primary oral articulator does not involve the tongue,
so any observed regular gestures of the tongue would
be unlikely to be attributable to the influence of some
other lingual target. It has also been claimed [17] that
the dorsal gestures associated with labials are less
extreme than those of the liquid [l̴], so any positive
evidence for velarization of labial consonants would
be more compelling. To control for voicing, only
voiceless obstruents [p, f] were used since word
position was manipulated in the experiment and
voiced obstruents devoice word-finally in Russian
[11], and thus voiced obstruents could not be
compared across word positions. V was always [a].
Table 1: Stimuli. Real words in Russian are denoted
with an asterisk. Others are nonce words.
Stop
Fricative
Nasal

Word-initial
pam
fam
mat*

Word-final
map
maf
tam*

Stimuli included real and nonce words, since it
was not possible to construct CVC stimuli with only
one or the other. Each Russian speaker produced all
of the target stimuli in the carrier phrase [a ɛtə ____]
(‘and this is a ____ ’) presented on a computer screen
in Russian orthography. Each stimulus appeared ten
times, in randomized order. These stimuli were
interspersed among a larger set of CVC stimuli that
were collected for other experiments.
2.2.2. Data collection
Ultrasound images of the lingual articulation along
the midsagittal plane were recorded using an
Ultrasonix SonixTouch ultrasound machine.
Speakers sat in a chair and placed their chin on the
ultrasound transducer (C9-5/10 micro-convex),
which was held by a custom-made metal arm. The
transducer holder contained a spring that allowed for
movement of the jaw during speech. The display of
the ultrasound machine was streamed to a PC and
captured at 59.9402 Hz with an video capture card
using a lossless codec (Magic YUV). An Optotrak
Certus system was used to track the position of
transducer holder and each speaker’s head so that the
data could be corrected in post-processing for
movement of the speaker’s head relative to the
transducer. The movement of the transducer holder
was tracked with infrared markers, and each
speaker’s head movement was indexed using four
infrared markers: one at the nasion and three on the
forehead [24]. Audio was captured using a Sennheiser
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shotgun microphone, concurrently recorded both by
the Optotrak system at 44.1 kHz and by the video
capture card at 48 kHz. Optotrak data and ultrasound
videos were synchronized based on the acoustics.
2.2.3. Data quantification and analysis
The following were identified and labelled by hand
based on the acoustic record using Praat [3]: the
durations of each labial of interest (Table 1) and of
the initial [a]s of the carrier phrase from the first ten
tokens, and the release of [p]s. The temporal midpoint
of each segment (except [p]) was then calculated.
Video frames corresponding to the midpoints and
releases above were identified, and the surface of the
tongue was traced by hand, using GetContours [28],
with each contour being defined as a series of 100 xy
pixel values. Contours were converted to mm and
head-corrected following [31]. While the contours
were all defined in relation to a fixed head reference,
the coordinate system shown in the figures below is
arbitrary and does not have an origin corresponding
to any fixed anatomical point in the vocal tract.
Problems with recording the Optotrak resulted in the
loss of 10 tokens for speaker 2 (1 token each of [fam]
and [tam], 2 tokens of [pam], and 3 tokens of [mat]
and [map]). One speaker produced 11 tokens of [pam]
and [tam], and another produced 11 tokens of [tam].
Smoothed cubic splines defined in Cartesian
coordinates were calculated for given groups of
contours along with 95% Bayesian confidence
intervals for all groups using the gss package [10] in
R [23]. Areas where the confidence intervals did not
overlap for at least 1 cm were interpreted as
significantly different [6]. It has been argued [19]
that polar coordinates are more appropriate than
Cartesian coordinates for calculating smoothed
splines for tongue contours. However, polar
coordinates are appropriate when a virtual probe
origin can be identified [12]. The identification of
such a virtual origin is possible when the ultrasound
probe is stabilized relative to the participant’s head,
e.g., [25]. Since the present method relied on post-hoc
head correction of the contours rather than head
stabilization, the identification of a single origin
corresponding to the probe was not appropriate, and
thus Cartesian coordinates were used.
3. RESULTS
The first comparison was of the tongue shapes of the
labials within word position, for a total of 18
comparisons (3 segments x 2 word positions x 3
speakers). There were only six significant differences
between any two segments: a section of
approximately 1 cm the middle of the tongue contours

Figure 1: Cubic spline fits of tongue contours with
95% Bayesian confidence intervals for word-initial
(gold) vs. word-final (red) labials [p, f, m], for
speaker 2.

Word-initial
Word-final

anterior ß à posterior
of [f] were significantly higher than those of [p, m]
for speaker 3, word-final [m] was significantly lower
than [p, f] for speaker 2, and word-final [m] was
significantly anterior to [p, f] for speaker 3.
Figure 1 shows the splines fit for contours from all
three segments [p, f, m] by word position for speaker
2, whose pattern is indicative of all speakers (plots for
other speakers omitted due to space considerations).
There is a noticeable upward arching of the tongue
dorsum (i.e., roughly the mid third of the contour) for
all three speakers, irrespective of word-position,
which we investigate further below. For all three
speakers, the posterior part of the tongue is more
advanced for word-final labials than for word-initial
labials. In addition, the tongue dorsum was higher for
speakers 1 and 2 word-finally (with a similar trend for
speaker 3). The combination of these differences
indicates that if this tongue configuration reflects a
velarization gesture associated with the labials, it has
a greater extent word-finally than word-initially.
In order to establish whether the observed tonguedorsum arching was attributable to a velarization
gesture, the articulation during the labials must be
contrasted to some environment where there is no
such gesture. Based on acoustic analyses of [22],
stressed Russian [a] has higher first-formant values
than any other vowel, consistent with it being the only
open vowel in the Russian inventory, and has secondformant values intermediate between the front vowels
[i, ɛ] and the back vowels [u, o]. The articulation for
[a] was therefore expected be low and devoid of any
velar (high) constriction, though a pharyngeal (low,
posterior) constriction was possible [7, 18]. The
tongue contours of the labials were therefore
compared with those of the [a]. If the labials had a
velarization gesture associated with them, then the
dorsal sections of tongue contours were expected to
be higher and more arched than [a].
Figure 2 shows the splines for the contours of the
word-final labials and preceding [a] for all three
speakers. The tongue contours for [a] are lower than
those for word-final labials for all speakers. Increased
arching is notable for speakers 2 and 3. Results were
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the same word-initially for speakers 2 and 3, though
speaker 1 had no differences between word-initial
labials and the following [a].
However, two aspects of the differences shown in
Figure 2 cast doubt on whether these differences were
attributable to a velar gesture being associated with
the labials but not with [a]. Labial consonants require
the lower lip to either make a closure with the upper
lip (for [p, m]) or contact the upper teeth (for [f]),
while the vowel [a] is open. Jaw height can make a
significant contribution to both the closing gesture for
the labials and the lowering associated with [a], see,
e.g., [5]. Though Figure 2 shows that the tongue was
lower for [a] vs. the labial, it is possible that the
differences were due predominantly to changes in jaw
position. The fact that the shape of the tongue during
[a] showed an arching in the posterior part of the
contour, though less extreme than the arch found
during the labials, is consistent with the differences
being attributable to jaw movement.
Despite the acoustics of [a] from [22], it has been
claimed that the gestural specification for Russian [a]
includes a pharyngeal constriction [18]. It is therefore
possible that the dorsal constriction associated with
the labials was not part of the specification of the
labial segment but was rather a coarticulatory effect
due to the adjacent [a]. Another possibility is that the
dorsal gesture associated with the labials had a
coarticulatory effect on the vowel. In order answer
this question, we compared the tongue contours of the
[a] in [pam] with the tongue contours of [a] at the
beginning of the carrier phrase ([pam] was chosen so
that the number of contours for the [a]s would be
comparable—the results were the same for [a]s from
[fam] and [mat]). The [a] at the beginning of the
carrier phrase did not have consonants on either side
of it, so the shape of the tongue during that segment
should have been devoid of any coarticulatory effects
from non-palatalized consonants. While that vowel
would normally be reduced to [ɐ] in casual speech
[22], speakers 1 and 3 produced the carrier phrase
with very deliberate pronunciation of that vowel, and
impressionistically it was not reduced. Speaker 2
produced that vowel with some reduction. Figure 3
shows that the arching of the tongue for [a] between
the labials (dark blue, comparable to the dark blue in
Figure 2) was more retracted than the [a] in isolation,
the particular way in which—and degree to which—
that retraction was realized varied by speaker.
4. SUMMARY AND DISCUSSION
The present results provide articulatory evidence
supporting longstanding claims that non-palatalized
consonants in Russian are in fact velarized (and/or
uvularized). There was a discernible dorsal gesture

Figure 2: Fitted splines for tongue contours of all
word-final labials (red) and adjacent [a]s (blue).

Figure 3: Splines fit to contours of [a] in isolation
(cyan) and between labials (blue) from [pam].

[a] in isolation
[a] between labials

[a] before labial
word-final labials

anterior ß à posterior

anterior ß à posterior

associated with three labial consonants [p, f, m], each
having a different manner, despite the fact that labials
have been described as having less velarization than
other segments [17]. There were no regular,
significant differences based on the particular
segment—and thus manner—across speakers. There
were significant differences between word-initial and
word-final labials, with the latter having more
pronounced (higher) dorsal gestures than the former.
These dorsal gestures therefore did not seem to be
optional, contra [16]. However, the location and
precise shape of the tongue associated with these
dorsal gestures did vary by participant, suggesting
that the location (e.g., velar vs. uvular) of the
constriction may be speaker-specific, rather than
segment-specific [18]—at least within labials,
regardless of manner.
Comparisons of the tongue shapes for [a] in
isolation compared with [a] between labials suggest
that the shape of the [a] between the labials was due
to coarticulatory effects of the velarization gestures
associated with those labials, rather than being part of
the gestural specification of [a]. The presence of the
more extreme articulations word-finally, while
unexpected, is more consistent with the hypothesis
that there is a velarization gesture associated with the
labial than with that raising being a coarticulatory
effect from the adjacent vowel. Carry-over
coarticulatory effects on a word-final labial from an
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[a] would not be expected to be more extreme than
the articulations that gave rise to them.
It has long been noted that palatalization of
neighboring consonants can trigger vowel allophony
in Russian [4, 11, 14]: e.g., the stressed vowel [æ]
appears only when both the preceding and following
consonants on either side of an underlying /a/ are
palatalized: /mjat/ à [mjat]/ ‘mint’ and /matj/ à
[matj] ‘mother’, but /mjatj/ à [mjætj] ‘to knead’. It has
also been reported that there is significant
coarticulatory influence of palatalization on adjacent
vowels, more so in Russian than in English [8]. The
present results indicate a strong coarticulatory
influence of this secondary velarization gesture on the
neighboring vowel as well, comparable to the
coarticulation due to palatalization.
It is worth noting that given the idiosyncratic
implementation of this gesture across participants, the
more holistic quantification of the tongue surface
possible with ultrasound was crucially insightful in a
way that point-tracking technologies (e.g.,
electromagnetic articulometry [13]) might not be for
this particular phenomenon. The most posterior
portion of the tongue, critical for velarization, is
difficult to assess with point-tracking technologies.
Given the variation in implementation of this dorsal
gesture across participants (Figure 2), it would be
very difficult to establish in advance what the optimal
point of attachment for such a sensor would be.

5. ACKNOWLEDGEMENTS
The authors gratefully acknowledge support from
NIH Grant DC-002717 to Haskins Laboratories and
the City University of New York.
7. REFERENCES
[1]

Avanesov, R. I. 1972. Russkoe literaturnoe
proiznoshenie [Russian literary pronunciation].
Moscow: Prosveshchenie.
[2] Bennet, R., Ní Chiosáin, M., Padgett, J., McGuire, G.
2018. An ultrasound study of Connemara Irish
palatalization and velarization. J. Int'l. Phon. Assoc.
48, 261–304.
[3] Boersma, P., Weenink, D. 2018. Praat: Doing phonetics
by computer. Version: 6.0.21. http://www.praat.org.
[4] Bolla, K. 1981. A conspectus of Russian speech sounds.
Budapest: Akadémiai Kiado.
[5] Browman, C. P., Goldstein, L. M. 1989. Articulatory
gestures as phonological units. Phonology 6, 201–
251.
[6] Davidson, L. 2006. Comparing tongue shapes from
ultrasound imaging using smoothing spline analysis
of variance. J. Acoust. Soc. Am. 120, 407–415.
[7] Esling, J. H. 2005. There are no back vowels: The
Laryngeal Articulator Model. The Canadian Journal
of Linguistics 50, 13–44.
[8] Evans-Romaine, D. K. 1998. Palatalization and
coarticulation in Russian. University of Michigan,
Ann Arbor.
[9] Fant, G. 1960. Acoustic Theory of Speech Production.
The Hague: Mouton.
[10] Gu, C. 2014. Smoothing Spline ANOVA Models: R
Package gss. J. Stats. Software 58, 1–25.
[11] Halle, M. 1971. The Sound Pattern of Russian. The
Hague/Paris: Mouton.
[12] Heyne, M., Derrick, D. 2015. Using a radial
ultrasound probe's virtual origin to compute
midsagittal smoothing splines in polar coordinates. J.
Acoust. Soc. Am. 138, EL509–EL514.
[13] Hoole, P., Zierdt, A. 2010. Five-dimensional
articulography. In: Maasen, van Lieshout (eds),
Speech Motor Control: New Developments in Basic
and Applied Research. Oxford: Oxford University
Press.
[14] Jones, D., Ward, D. 1969. The Phonetics of Russian.
Cambridge: Cambridge University Press.
[15] Kochetov, A. 2009. Phonetic variation and gestural
specification: Production of Russian consonants. In:
Kügler, Féry, van de Vijver (eds), Variation and
Gradience in Phonetics and Phonology. Berlin:
Mouton de Gruyter.
[16] Kochetov, A. 2002. Production, perception, and
emergent phonotactic patterns: A case of contrastive
palatalization. New York, London: Routledge.
[17] Ladefoged, P., Maddieson, I. 1996. The Sounds of the
World's Languages. Malden, MA: Blackwell
Publishing.

3492

[18] Litvin, N. 2014. An ultrasound investigation of
secondary velarization in Russian. Department of
Linguistics, University of Victoria.
[19] Mielke, J. 2015. An ultrasound study of Canadian
French rhotic vowels with polar smoothing spline
comparisons. J. Acoust. Soc. Am. 137, 2858–2869.
[20] Öhman, S. E. G. 1966. Coarticulation in VCV
Utterances: Spectrographic Measurements. J. Acoust.
Soc. Am. 39, 151–168.
[21] Padgett, J. 2001. Contrast dispersion and Russian
palatalization. In: Hume, Johnson (eds), The Role of
Speech Perception in Phonology. San Diego, CA:
Academic Press. 187–218.
[22] Padgett, J., Tabain, M. 2005. Adaptive dispersion
theory and phonological vowel reduction in Russian.
Phonetica 62, 14-54.
[23] R Development Core Team. 2018. R: A language and
environment for statistical computing. Version:
version 3.2.4. http://www.R-project.org.
[24] Roon, K. D., Dawson, K. M., Tiede, M., Whalen, D.
H. 2016. Indexing head movement during speech
production using optical markers. J. Acoust. Soc. Am.
139, EL167–EL171.
[25] Scobbie, J. M., Wrench, A. A., van der Linden, M.
2008. Head-probe stabilisation in ultrasound tongue
imaging using a headset to permit natural head
movement. In: Sock, Fuchs, Laprie (eds), Proc. 8th
ISSP. Strasbourg, France: INRIA. 373–376.
[26] Skalozub, L. G. 1963. Palatogrammy i
rentgenogrammy soglasnykh fonem russkogo
literaturnogo iazyka [Palatograms and X-ray images
of consonant phonemes of literary Russian]. Kiev:
Izdatel’stvo kievskogo universiteta.
[27] Stone, M. 2005. A guide to analysing tongue motion
from ultrasound images. Clin. Ling. & Phon. 19,
455–501.
[28] Tiede, M. K. 2018. GetContours. Version: 1.3.
https://github.com/mktiede/GetContours.
[29] Timberlake, A. 2004. A Reference Grammar of
Russian. Cambridge/New York: Cambridge
University Press.
[30] Trubetzkoy, N. 1969. Principles of Phonology.
Berkeley: University of California Press.
[31] Whalen, D. H., Iskarous, K., Tiede, M. K., Ostry, D.
J., Lehnert-LeHouillier, H., Vatikiotis-Bateson, E.,
Hailey, D. S. 2005. The Haskins Optically Corrected
Ultrasound System (HOCUS). J. Spch. Lang. Hear.
Rsrch. 48, 543–553.

PRODUCTION OF THE JAPANESE MORAIC NASAL /N/ BY SPEAKERS OF
ENGLISH: AN ULTRASOUND STUDY
Ai Mizoguchi1, Mark K. Tiede2, D. H. Whalen2,3,4
1

NINJAL, 2Haskins Laboratories, 3City University of New York, 4Yale University
amizoguchi@ninjal.ac.jp, tiede@haskins.yale.edu, whalen@haskins.yale.edu

ABSTRACT
For native speakers of English learning Japanese, the
moraic nasal is a foreign sound as its uvular place is
unmatched by the /m/, /n/, or /ŋ/ found in English. The
articulations of /N/ by three native speakers of
English, whose proficiency levels were reported as
basic, intermediate, and advanced, were investigated
using ultrasound. All three participants used an
alveolar gesture similar to their English /n/ for the
utterance final /N/. In /NC/ contexts, regressive place
assimilation was observed, but, unlike L1 Japanese
speakers, L2 speakers preserved the alveolar gesture
when the nasal assimilated to a following labial or
velar consonant. This suggests that the assimilation
process differs between languages: L1 speakers
lacked place specification for N in NC, while L2
speakers continued to use alveolar place during an
extended closure for the second C.
Keywords: Japanese moraic nasal, L2 production,
ultrasound, assimilation.
1. INTRODUCTION
An utterance final Japanese moraic nasal /N/ is
commonly transcribed as a uvular nasal, e.g. [7], but
recent articulatory studies have revealed its
variability among speakers [6, 10, 11, 16], ranging
from the alveolar ridge to the uvula. The place is,
however, consistent within each speaker.
In case of /N/ followed by a phoneme, regressive
place assimilation has been observed [14] and the
numbers of its allophones are reportedly nine [14] to
80 [8] depending on the combination of the preceding
and following phonemes. It is generally regarded that
the assimilation of Japanese /N/ is obligatory [5]. The
assimilation strategy is not fully understood, but
categorical assimilation was reported in a few studies
[4, 10, 12].
For native speakers of English learning Japanese,
the moraic nasal is a foreign sound as there is no
uvular nasal (or any nasal sound distinguished from
/m/, /n/, or /ŋ/) in English. Therefore, an L1 effect
might be seen when native speakers of English
produce a Japanese moraic nasal. As a result, it is
speculated that the moraic nasal is most likely to be
replaced by an alveolar nasal because it is written as
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“n” in Roman alphabet utilized for learners who do
not learn the Japanese writing system from the onset.
If that is the case, the more advanced learners
depend more on their perception of native speaker’s
utterance of /N/ corresponding to the character “ん”.
Consequently, the learners should be able to
differentiate the L2 phoneme from their L1 /n/.
It is also possible that the /N/ is perceptually more
similar to /ŋ/ than /n/ and that /ŋ/ will be used instead.
Learning the Japanese orthography might reinforce
this tendency too. However, in terms of frequency of
occurrence, /n/ is more frequent than /ŋ/ and may
therefore be preferred on that basis. Testing the
perception of /N/ as in PAM-L2 (the Perceptual
Assimilation Model-L2 [2]) might help explain
production results as well.
Another question to be discussed is how an
assimilation pattern of the Japanese moraic nasal is
realized by L1 English speakers. English syllablefinal nasal place assimilation is a well-known
phenomenon and articulatory studies have provided
evidence of its gradual process; especially when
alveolar stop consonant assimilated to the following
consonant at the word boundary, the residual alveolar
gesture was observed [1]. Assuming that this L1
English assimilation pattern transfers to L2 Japanese
and that L1 English speakers use /n/ for /N/, an
alveolar gesture may be seen in /N/ produced before
a stop consonant as resulting from gestural overlap.
Few articulatory studies have been conducted on
production of the Japanese moraic nasal by L2
speakers, and very little is known about the
assimilation in L2 contexts. Thus, this paper
examines the articulation of the Japanese moraic
nasal by native speakers of English to see 1) the place
of articulation (PoA) in the utterance-final position;
2) if variability exists as seen in the Japanese speakers
depending on their proficiency level; and 3) to see
how assimilation occurs in /NC/ contexts.
2. METHODS
2.1. Data collection

The experiment took place in the Speech Production,
Acoustics and Perception Laboratory at the Graduate
Center, the City University of New York (CUNY).

Six native speakers of American English
participated in the experiment. Two speakers who
were reportedly regularly exposed to a language other
than English as a child, and one speaker who had
lived in China and learned Chinese for five years were
excluded from the analysis to avoid any influences of
the languages. As a result, three speakers (1 female,
EF03, who was from New York, 1 female, EF04, who
was from Florida, and, 1 male, EM03, who was from
Louisiana) were included for analysis. Their
proficiency level of Japanese was reported as
intermediate, advanced, and basic respectively. The
intermediate speaker received N4 and the advanced
speaker, N2 in Japanese-Language Proficiency Test,
where N5 is the easiest and N1 is the most difficult.
The participants were recruited by the author via
an e-mail advertisement, approved by the CUNY IRB,
and they were compensated for their participation in
the study. The participants ranged in age from 20 to
40, had no history of neurological or speech/hearing
impairment, and had corrected-to-normal vision.
Language background information about the
participants was collected by means of a
questionnaire.
Participants read aloud ten repetitions of seven
target words with a moraic nasal (words containing
/aNCa/, /aNa/, /aNaN/, or /ɯN/) and six control words
without a moraic nasal (words containing /aCa/ or
/aa/). Among these recorded words, /kaNaN/
([kaɰ̃aɴ] か ん あ ん ‘consideration’) was used for
analysis of the utterance-final /N/. For the wordmedial /N/, /aNba/ ([amba] あんば ‘pommel horse’)
and /aNɡa/ ([aŋɡa] あんが ‘lay down’) were used. As
controls representing a consonant without /N/, /abata/
([abata] あばた ‘pockmark’) and /haɡata/ ([haɡata] は
がた ‘teeth mark’) were used.
The participants also produced ten repetitions of
eleven English target words with a nasal, containing
/ʌnCə/, /ʌnnæ/, /ʌnə/, /ʌn/, /ʌm/, /ʌŋ/, /un/, or /um/,
and six control words without a nasal, containing
/ʌCə/ or containing the vowel /ɑ/. Among these
recorded words, “analysis” was used for an English
alveolar nasal reference.
English trials followed the Japanese trials after a
short break. Japanese words were shown one at a time
in Japanese orthography (hiragana) and English
words in English orthography, using Microsoft
PowerPoint on a computer screen positioned
approximately one meter in front of the participants.
The audio signal, ultrasound video, and motion
measurement data were recorded simultaneously.
The audio signal was digitally recorded
monaurally at 44,100 Hz, 16-bit resolution, using a
directional Sennheiser microphone on a microphone
stand positioned approximately 15 centimeters from
the participant’s lips.
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Real-time mid-sagittal images of the oral cavity
were recorded with an ultrasound system (Ultrasonix;
SonixTouch) using 2D imaging (B-mode) at a frame
rate of 59.9 frames per second. The tongue images
were recorded while speakers uttered the stimuli and
the palate images were recorded while they
swallowed water.
The Haskins Optically Corrected Ultrasound
System (HOCUS) [15] was used to adjust positions in
the ultrasound images by tracking the head movement
with an optoelectronic motion measurement system
(Optotrak Certus Motion Capture System: NDI).
The lip movement data was also collected using
the Optotrak. Infrared emitting diodes (IREDs) were
attached to each participant’s lips, one immediately
above the upper lip and one below the lower lip along
the midsagittal line.
2.2. Analysis

The midpoint of each target segment from the audio
recording was measured by visual detection of the
changes in formant values and periodic patterns in the
waveform using Praat software [3].
The tongue and palate edge contours were handmeasured by selecting 16 points via GetContours [13]
and interpolated to 100 points on an xy-coordinate for
each frame. The extracted tongue and palate contours
were computationally aligned in a head coordinate
space for each participant by HOCUS [15].
After the HOCUS correction, the tongue contours
were averaged over repetitions for each stimulus by
speaker. Specifically, the y-values were averaged
along each x-value (along a perpendicular line),
which enables calculation of tongue height at the
given horizontal locations within the oral space.
The PoA for each speaker was determined using
constriction location (CL), which is the horizontal
location (x-value) of the point on the tongue closest
to the palate, and constriction degree (CD), which is
the Euclidean distance between the palate and tongue
at CL.
The averaged tongue contours were plotted
showing CL and CD and with error bars showing 95%
confidence intervals.
Lip aperture (LA) was also calculated as the
Euclidean distance between the upper and lower lips.
The lip IREDs came off for one male speaker during
the experiment, and that speaker was excluded from
the lip analysis.
Statistical analyses relating to individual
variabilities of PoA and assimilation strategy were
not included due to the small sample size.

3. RESULTS
For all the figures, error bars show the 95%
confidence interval. A gray line above the tongue
contours show the averaged palate contour. Triangles
show the constriction location (the closest point to the
palate) of the averaged contour.
3.1. Utterance-final /N/

All three speakers used an alveolar gesture for the
utterance final Japanese moraic nasal /N/ (Fig. 1).

narrower than those for /b/ in /abata/. It has been
reported that the lower lip tended to reach a higher
vertical position for long consonants (/pp/ or /mm/)
than for short consonants (/p/ or /m/) [9]. If the labial
gesture for /N/ in /Nb/ ([mb]) was blended with that
for the following /b/, it is hypothesized that a longer
constriction for /Nb/ resulted in a higher lower lip
position and a smaller Euclidean distance (although
the point of closure is not apparent in this measure).
These lip gestures suggest that /N/ assimilated to the
following /b/ for these two speakers.
Figure 2: Averaged tongue contours in speaker
EF03 (a), EF04 (b), and EM03 (c) for /N/ in /aNba/
compared with those for /b/ in /abata/ and /n/ in
/anata/.

Figure 1: Averaged tongue contours in speaker
EF03 (a), EF04 (b), and EM03 (c) for /N#/ in
/kaNaN/ compared with that for /n/ in “analysis.”

(a)

(a)

(b)

(b)

(c)

(c)

3.2. Word-medial /N/

As seen in Fig. 2, all the speakers used an alveolar
gesture for /N/ in /Nb/ context. Lip analysis for EF03
and EF04 revealed that the LAs for /N/ in /Nb/ were
3495

As seen in Fig. 3, EF03 and EM03 made an alveolar
constriction for /N/ in /Nɡ/ context although the
tongue body was higher than in the control /n/. EF04
used a tongue shape similar to /ɡ/.

Figure 3: Averaged tongue contours in speaker
EF03 (a), EF04 (b), and EM03 (c) for /N/ in /aNɡa/
compared with those for /ɡ/ in /haɡata/ and /n/ in
/anata/.

(a)

(b)

(c)

3. DISCUSSION
The articulation of Japanese moraic nasal /N/ by
native speakers of English was examined by
ultrasound. All three speakers analyzed in this study
used an alveolar gesture for utterance-final /N/,
regardless of their proficiency levels. Individual
variability for /N/, from alveolar to uvular, seen in
native speakers of Japanese [6, 10, 11, 16] was not
observed. As there is no uvular nasal in English, it is
speculated that English speakers may be unable to use
it and choose a similar sound which is in their L1
phoneme inventory. One of the possible reasons why
/n/ is chosen among the other variations is that when
/N/ is written in the Roman alphabet instead of
Japanese orthography, “n” is used such as /hoN/
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(‘book’) represented as “hon” in the Roman alphabet.
On the other hand, some L1 Japanese speakers use an
alveolar place as well [10, 11].
However, there was no effect of proficiency,
despite its being expected as learners get used to the
Japanese writing system as well as having more
experience with native variants. This suggests that /N/
might have been categorized as L1 /n/ in the learners’
phonemic category and a new category for L2 /N/
might not have been established even when they had
become advanced.
If the English speakers categorize Japanese /N/
into their L1 /n/, it is predicted that /N/ assimilates to
/n/ in perception, adopting PAM-L2 [2]. But at the
same time, it is also possible that it assimilates to /m/
or /ŋ/, which are also the allophones of /N/. Then,
asymmetric results could be observed between
production and perception, i.e., using /n/ for /N/ in
production but /N/ assimilates to /m/ or /ŋ/ in
perception, due to the acoustic and/or articulatory
similarity.
In /Nb/ contexts, all the speakers used an alveolar
gesture, and the two speakers who had lip data made
a lip constriction. This suggests that /N/ was coproduced with the following /b/ (at least for the two
speakers for whom there was lip data), because the
alveolar gesture was retained for all the speakers.
In /Nɡ/ contexts, speaker (EF03) used a combined
alveolar and velar gesture; one (EM03) used an
alveolar gesture with a partial velar gesture, and one
speaker (EF04) used a velar gesture. The first two
speakers thus appear to have combined articulation
for two L1 categories (/n/ and /ŋ/), resulting in partial
assimilation to the velar context. For the speaker who
did not use an alveolar gesture, /N/ completely
assimilated to the following /ɡ/, as was typical for L1
Japanese speakers [10]. This speaker is the one with
advanced L2 competence, so she might have realized
the variations of /N/ produced by native speakers of
Japanese and applied the realization for a certain
context, whereas the basic and intermediate speakers
might not, and they apply their L1 assimilation
strategy to all the L2 contexts.
In conclusion, this study revealed that L1 English
speakers preferred an alveolar nasal for Japanese
moraic nasal /N/, which is reportedly more variable
among Japanese speakers. For assimilation, gestural
overlap resulted from partial assimilation was
observed for all the three speakers in /Nb/ or /Nɡ/
contexts as opposed to the categorical assimilation
seen in Japanese speakers. Further investigation will
be necessary with more participants to draw more
decisive conclusions.
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ABSTRACT
Inserted vowels, common in loanword
phonology, are typically assumed to be epenthetic,
but can also be intrusive – the result of an open
transition between adjacent consonant gestures.
Inserted vowels in onset clusters in Turkish
loanwords, I argue, are such intrusive vowels, rather
than being harmonizing epenthetic vowels as
previously claimed ([7], [20], [13], [21]).
Acoustic data from a production experiment with
six speakers shows that onset-repairing vowels are
shorter than underlying vowels. They are also more
affected by the following vowel, particularly in
deaccented casual speech. Furthermore, a switch
from careful to casual speech significantly shortens
underlying vowels, but not inserted vowels,
suggesting that even in careful speech, the duration
of non-lexical (intrusive) vowels is already reduced
to the limits of what Turkish gestural timing allows.
These results have implications for Turkish syllable
structure, vowel harmony, and the phonologization
of vowel insertion.
Keywords:
vowel
intrusion,
Turkish,
deaccentuation, vowel harmony, gestural timing
1. VOWEL INSERTION
While inserted vowels are often assumed to be
phonologically-present epenthetic vowels, they can
also be intrusive vowels with no phonological
presence, which result from an open transition
between adjacent consonants (e.g., [19], [9], [8],
[11], [12]). Both epenthetic and intrusive vowels
occur in Turkish. Illicit coda clusters (1a,b) are
repaired with epenthesis of a high vowel that
harmonizes with the preceding lexical vowel
according to the standard Turkish progressive
backness and rounding harmony [7]. This inserted
high vowel is always written, and can host stress.
(1)

a. sabır [sabɯr] ~ [sabr.a] ‘patience.(DAT)’
b. burun [burun] ~ [burn.a] ‘nose.(DAT)’
c. prens [pirens] ‘prince’
d. spor [sɯpor] ~ [sipor] ‘sport’
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Previous reports ([7], [20], [13], [21]) also
describe insertion in onset clusters (1c,d) as
harmonizing epenthesis. Under this analysis, Turkish
phonology prohibits onset clusters, even in
loanwords, and allows regressive as well as
progressive vowel harmony. However, unlike true
epenthetic vowels in Turkish, onset-repairing vowels
do not consistently harmonize, are prescriptively
unwritten, and reportedly vary according to speech
style—[7] claims they only occur in causal speech.
These differences between coda- and onsetrepairing insertion in Turkish are explained if onset
cluster repair is intrusion, not epenthesis. In vowel
intrusion, the timing of adjacent consonant gestures
creates the percept of an intervening vowel, whose
quality is determined by the gestural demands of the
surrounding context. Because they reflect gestural
timing, intrusive vowels often disappear in fast or
casual speech ([11], [12]).
1.1. Acoustics of Turkish onset-repairing vowels

[3], on which this study builds, provides an acoustic
study of non-lexical onset-repairing vowels in
careful speech, in real and nonce words beginning
with /br dr gr/ onset clusters, followed by /i a o/. Six
Turkish speakers (three male; ages 18-35)
participated, and repeated each word five times in a
carrier sentence. Participants were instructed to
speak carefully, and the carrier sentence elicited
contrastive focus on the target words.
Underlying onset clusters produced with ≥ 20 ms
of high amplitude formant structure during the
interconsonantal interval (ICI) were coded as
containing an inserted non-lexical vowel. Nonlexical vowels were present in 88.3% of underlying
clusters in [3]. The duration of non-lexical vowels
had a unimodal distribution, indicating onset cluster
repair is a gradient process, rather than an optional
categorical process (which would result in two
modes). Non-lexical vowels were significantly
shorter than lexical vowels, suggesting they lack a
durational target. Their F1~F2 values were more
affected by coarticulation with the following vowel
than the formant values of underlying vowels were.
This is expected if non-lexical vowels are targetless,
since the coarticulatory impact of the following
vowel [16] affects the ICI more strongly in the

absence of a specified vocalic target there. The
consonantal context is also expected to be have a
stronger effect on a targetless vowel, although this
prediction was not supported in [3].
Contrary to previous descriptions of onsetrepairing vowels as targets for phonological vowel
harmony, non-lexical vowels <v> in [3] more
closely resembled the schwa-like /ɯ/ than
harmonizing /i/ or /u/. This discrepancy may be
explained by differences in the speech styles under
consideration. [3] considers careful laboratory
speech, whereas previous impressionistic reports
probably refer to more casual, naturalistic speech. If
onset cluster repair results from gestural timing
relations in Turkish, onset repairing vowels may take
on more of the characteristics of a following vowel
in speech styles and prosodic conditions where
gestures tend to overlap more.
2. CASUAL AND DEACCENTED SPEECH
The present study extends [3] to incorporate casual
and deaccented speech, and to further probe a
possible interaction between a vowel’s lexical status
and the degree to which a preceding consonant
gesture affects it.
In casual, fast speech, gestures overlap more,
producing greater coarticulatory effects compared to
careful, hyperarticulated speech, where gestures tend
to pull apart ([5], [15], [10]). If onset cluster repair is
driven by gestural timing relations, then we would
expect it to behave differently in casual speech
(more gestural overlap) than in careful speech (less
gestural overlap). In casual speech, the gesture for
the following lexical vowel will overlap the ICI
more, potentially causing the non-lexical vowels to
take on more of the backness and rounding of the
following lexical vowel. This may create the percept
of harmony previously reported. [7] describes
harmonizing vowel insertion in casual speech only
(no insertion in careful speech).
To test speech style effects, I collected casual
speech using the same methods and participants as
[3], but with a different carrier sentence (2) that
elicited the deaccentuation of targets (X2, Y2).
(2) Fatma X1 ve Y1 dedi, Erhan da X2 ve Y2 dedi.
‘Fatma said X and Y, Erhan also said X and Y.’
Targets X and Y were real and nonce words
beginning with /CrV/, where C = /b, d, g/ and V = /i
a o/; /CV1rV2/ words were also included as controls.
Participants were instructed to pretend they were
talking with a close friend. They read each list five
times. Casual speech was collected after Careful
speech. Careful speech was the same dataset as [3].
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If non-lexical vowels are targetless, we expect
differences in their durations and formant values
compared to underlying vowels, which have
durational and gestural targets. With the greater
gestural overlap in Casual speech, both the
preceding consonant and following vowel may affect
the intrusive vowel more strongly. For example, in
Careful speech, intrusive vowels before /i/ were
intermediate between a front vowel /i/ and a back
vowel /ɯ/ [ANON]. In Casual speech, the gesture
for the following /i/ may overlap with the ICI more,
making intrusive <i> more /i/-like. Greater gestural
overlap could also cause the preceding consonant to
have a larger impact on the ICI. Hence, the vowel’s
lexical status is predicted to interact with its host
word’s prosodic status and speech style (focused, in
Careful speech; first mention in Casual speech; or
deaccented second mention in Casual speech), as
well as its surrounding consonants and vowels.
3. DURATION OF <V> IN CASUAL SPEECH
Using 20 ms of formant structure during the ICI as
the threshold for whether a token contained a nonlexical vowel (the same threshold as [3]), insertion
rates in the Casual condition varied by subject from
as low as 60% (S3) to as high as 99% (S4), with an
average of 87% – practically the same as the 88%
insertion rate in Careful speech.
I conducted a mixed effects linear regression
analysis of vowel duration, using R [18], lmer [2],
and lmerTest [14], with random slopes and
intercepts by subject for lexical status, V2, and
speech style. Fixed effects were: speech style,
preceding consonant /b d g/, following vowel /i a o/,
and the vowel’s lexical status and hypothesized
category. Since non-lexical vowels have no
underlying category, they were assigned to the
hypothesized categories [i] before V2 = /i/, [u]
before V2 = /o/, and [ɯ] before V2 = /a/, according
to the predictions of [7] and [21].
The best-performing model included three
interactions: C with speech style, lexical status with
V2, and lexical status with speech style. It
outperforms a model without the vowel’s lexical
status in a maximum likelihood ratio test (χ2(11) =
759.56, p < 0.0001). Speech style had a significant
main effect, with vowels in the Casual second
mention being 6.21 ms shorter (ε = 1.60, p = 0.001)
than in Careful speech. This shortening of lexical
vowels confirms that second mentions were indeed
deaccented.
Lexical status also had a significant main effect,
with non-lexical vowels being 7.76 ms shorter than
lexical vowels (ε = 3.06, p < 0.05). But Casual nonlexical vowels were longer than would be expected

given those main effects alone, in both first (β =
3.26, ε = 1.06, p < 0.005) and second mentions (β =
4.60, ε = 1.08, p < 0.001). That is, the duration of
non-lexical vowels is more stable under changes in
speech style (≈ degree of gestural overlap) than that
of lexical vowels (Figure 1).
Figure 1: Duration (ms) of lexical vowels /V/ and
non-lexical vowels <v> by speech style.

speech style. However, in neither model were any of
the individual effects significant.
4.2. Speech style effects on F2

I conducted a mixed effects linear regression
analysis of F2 following the same procedure as for
F1, again including only harmonic lexical vowels.
4.2.1 F2 differences before /i/

This suggests that even in the less-overlapped
Careful speech, the two consonant gestures in
underlying onset clusters are already coordinated
almost as closely as Turkish gestural timing allows
them to be. Consequently, they cannot overlap much
more even in casual, deaccented speech.
4. F1 AND F2 IN CASUAL SPEECH
To test for the predicted effects of speech style on
the quality of non-lexical vowels, I conducted a
mixed effects linear regression analysis of F1 and F2
within each V2 condition. Fixed effects were the
vowel’s lexical status, the preceding consonant
(reference = /d/), and speech style (reference =
Careful), as well as the interaction of lexical status
with speech style and with the preceding consonant.
Models included random slopes and intercepts for
lexical status, consonant, and speech style, by
subject, and were tested against each other using
maximum likelihood ratio tests.
4.1. Speech style effects on F1

For vowels before /i/, a model of F1 that includes
a three-way interaction between preceding
consonant, prosodic condition, and word shape
outperformed other models in maximum likelihood
ratio tests (all ps<0.05), although lmerTest [14]
assigned the individual three-way interaction terms
p > 0.1. The only significant effect involving the
vowel’s lexical status was an interaction with a
preceding /b/ (β = 29.0 Hz, ε = 9.18, p < 0.005):
after /b/, non-lexical <i> had a raised F1 compared
to lexical /i/.
In the other two vowel conditions (V2 = /o/, V2 =
/a/) the best-performing model of F1 included an
interaction between the vowel’s lexical status and
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For the F2 of vowels before /i/, the bestperforming model included two-way interactions
between lexical status and preceding consonant, and
lexical status and prosodic condition (Table 1).
There was a significant main effect of lexical status,
with F2 being lower in non-lexical vowels than in
lexical /i/ (β = -224.75, ε = 61.14, p<0.01), in line
with the hypothesis that non-lexical vowels lack /i/’s
[-back] target.
Table 1: Fixed effects for F2 before /i/. F2 ~ /Cr/ *
style + C * /Cr/ + (/Cr/ + C + style | subj)

(Intercept)
/Cr/
Casual 1
Casual 2
/b/
/g/
/Cr/: Cas1
/Cr/: Cas2
/Cr/: /b/
/Cr/: /g/

β
1970.8
-224.8
-16.5
-52.4
128.0
157.6
16.6
50.1
-196.3
-128.7

ε
p
75.6 < 0.001
61.1 0.001
23.0 0.49
17.5 0.004
55.8 0.065
39.8 0.007
24.1 0.49
24.2 0.039
24.4 < 0.001
24.4 < 0.001

Non-lexical vowels preceded by /d/ had a higher
F2 than those preceded by /b/ (β = -196.32 Hz, ε =
24.4, p < 0.001) or /g/ (β = -128.69 Hz, ε = 24.43, p
< 0.001). In contrast, among lexical vowels, a
preceding /g/ increased F2 significantly (β = 157.6
Hz, ε = 39.8, p < 0.01) compared to a preceding /d/.
This interaction between the preceding consonant
and a vowel’s lexical status suggests that /d/ has a
much larger raising effect on the F2 of non-lexical
vowels than lexical vowels, in keeping with the
hypothesis that non-lexical vowels are targetless and
therefore more subject to coarticulatory effects from
all sides. In contrast, when the adjacent vowel is
lexical and has its own target, whatever F2-raising
effect /d/ may have is outdone by other properties
of /g/ (perhaps /g/’s tendency as a dorsal consonant
to assimilate in place to an adjacent vocalic target).
Speech style or prosodic condition had a
significant main effect, with F2 being significantly
lower in lexical vowels in Casual second mentions
compared to Careful focused speech (β = -52.35 Hz,
ε = 17.54, p < 0.005). However, non-lexical vowels

in Casual second mentions had a significantly higher
F2 (β = 50.07 Hz, ε = 24.21, p < 0.05) compared to
their Careful counterparts, suggesting that the
deaccented, Casual speech condition causes the
following /i/ gesture to overlap the preceding ICI
and its non-lexical vowel more, as predicted.
To summarize, non-lexical vowels before /i/ have
a lower F2 than lexical /i/, as expected if they are
targetless. This difference is mitigated when the
preceding consonant is coronal, presumably since /d/
raises F2. Furthermore, in deaccented Casual speech,
F2 is diminished in lexical vowels, but increased in
non-lexical vowels.
4.2.2. F2 differences in [u] before /o/
Comparing the F2 of lexical /u/ and non-lexical
<u> before /o/, the best-performing model includes
significant interactions of lexical status with both
speech style and the preceding consonant and speech
style. Only the interaction with the consonant is
individually significant – F2 in non-lexical <u> is
higher after /g/ than after /b/ (β = 202.7 Hz, ε = 32.2,
p < 0.0001), reflecting /b/’s lowering effect on F2.
That is, the preceding consonant has a stronger
coarticulatory effect on non-lexical (targetless) <u>
than on targeted /u/.
4.2.3 F2 differences in [ɯ] before /a/
The best-performing model of [ɯ] before /a/
includes significant interactions of speech style with
lexical status and consonant. No effects involving
lexical status were significant within the model,
although there are significant interactions between
speech style and the preceding consonant. As
expected, F2 is significantly lower after /b/ (β =
-201.7 Hz, ε = 40.0, p < 0.005). In /d/ conditions, F2
is higher in Casual speech (Casual, first mention: β =
80 Hz, ε = 23, p < 0.005; Casual, second mention: β
= 65 Hz, ε = 20.6, p < 0.005). But this F2-raising in
Casual speech is reversed after /b/ (Casual, first
mention: β = -62.17 Hz, ε = 20.65, p < 0.005;
Casual, second mention: β = -45.88 Hz, ε = 20.80, p
< 0.05) and /g/ (Casual, first mention: β = -71.59 Hz,
ε = 19.63, p < 0.001; Casual, second mention: β =
-56.05 Hz, ε = 19.86, p < 0.005).
5. DISCUSSION
This study hypothesized that onset cluster repair
in Turkish results from gestural timing, and
predicted that a change in speech style—and the
degree of gestural overlap—would affect non-lexical
vowels more than lexical vowels. As predicted, the
change in speech style caused significant acoustic
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differences in all vowels, but the direction and
magnitude of the changes depended on the vowel’s
lexical status. All vowels, regardless of lexical
status, are shorter in deaccented second mentions,
but the duration of non-lexical vowels does not
change as much as that of lexical vowels,
contradicting the cross-linguistic tendency of
intrusive vowels to disappear in fast speech [12].
This indicates that Turkish phonology must specify a
gestural phasing between the two consonants that
minimizes C1-C2 overlap, ensuring open transitions.
The differences in formant values were clearest
before V2 = /i/. Deaccented speech decreases F2 in
lexical /i/, but increases F2 in non-lexical vowels.
This suggests that /i/’s front tongue body target is
undershot in deaccented casual speech, while
targetless intrusive vowels gain a higher F2 by virtue
of the following /i/’s greater overlap with the ICI.
This study also found that the preceding
consonant affected non-lexical vowels more than
lexical vowels. A preceding /d/ increases F2 more in
<i> than in /i/, and /b/ decreases F2 more in <u>
than /u/. Such differences are expected if the
acoustics of non-lexical vowels in Turkish onset
clusters are determined by gestural pressures from
the surrounding context, as in vowel intrusion.
While intrusive vowels are often said to vary
with speech style, few studies directly compare their
properties in different speech styles. This study set
out to do so, and found differences between careful
and casual speech, even in the laboratory setting.
Greater acoustic differences – perhaps reflecting a
greater change in the degree of gestural overlap –
occurred when target words were not only produced
with a “casual” speech style, but were also
deaccentuated, because they occurred in a giveninformation, second-mention context. Many of the
interaction effects between lexical status and speech
style in this study were only significant when
Careful, focused speech was compared to Casual,
deaccented speech—illustrating the gradient nature
of speech style and gestural overlap.
This understanding of onset cluster repair as
vowel intrusion has implications for Turkish
phonology. If onset-cluster “repair” does not actually
change the phonological structure of the word, then
it is not a repair per se, and Turkish syllable
structure must tolerate onset clusters, at least in
loanwords. Furthermore, if the vowels in onset
clusters are not independent phonological objects,
they cannot be targets for phonological vowel
harmony, and should not be used as evidence for the
directionality of Turkish vowel harmony ([7], [20],
[1], [13]). Lastly, Turkish exemplifies phonology’s
grammatical specification of gestural alignment, as
previously argued by, e.g., [9], [12], [19].
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ABSTRACT

tongue position. For a vowel with a large back cavity
(as in /i/), the epiglottis stays apart from the back
of the tongue. On the other hand, when the back
cavity is more constricted (as for /a/), the epiglottis
is sometimes pressed against the back of the tongue.
Our approach to geometric modeling of the vocal tract is based on an articulatory model that independently controls each of the articulators. The
first articulator is the mandible (which corresponds
to the opening of the jaw) because it influences the
tongue and the lips. Two parameters are sufficient
to control the opening of the jaw with good precision. The tongue is the articulator that achieves the
greatest number of articulation places, and its description must be fine enough to reach a precise position and shape. For this reason, (unlike the Maeda
model [10]), we use between 6 and 10 deformation
factors. The influence of the jaw is taken into account to determine the influence of the tongue and
lips.
The epiglottis is actually a cartilage, and therefore
the influence of other articulators that interact with
the epiglottis, i.e. the mandible, tongue, and larynx,
is decisive. Hence, their contribution through linear
regression factors is more important than its intrinsic deformation factors. Once the midsagittal shape
is calculated, it is necessary to find all the resonating
cavities, their area functions and the global topology
to run the acoustic simulation [6]. Geometrical simplifications would allow faster simulations and avoid
changes of the global topology when a small cavity
appears.
The objective of this work is to investigate the impact of geometric simplifications in order to better
understand those that can be made without removing
important acoustic cues. Unlike Arnela’s work [1],
which treats the vocal tract as a whole by transforming it into a piece-wise elliptical and then cylindrical tube, we treat the articulators separately because
articulatory synthesis requires that each of them be
controlled independently of each other.
We used MRI data of the vocal tract with simul-

In this work we study the effect of the velum and
epiglottis on speech production of five French vowels. Our purpose is to examine whether it is possible to simplify the geometry of the vocal tract in
the framework of articulatory synthesis to achieve
a simpler geometric description without changing
the acoustic properties. In the present study, we
use MRI to acquire the 3D shape of the vocal tract
with simultaneous recording of the speech signal.
The geometric two-dimensional shape derived from
these data was used as an input of numerical acoustic simulations. The geometrical shape was edited
at the level of epiglottis and velum (with or without epiglottis, with or without a constant wall approximation at velum) and the spectra obtained via
numerical acoustic simulations were compared with
those obtained from audio recordings. This allows
the impact of these articulators and geometrical simplifications to be assessed.
Keywords: velum, epiglottis, speech production,
acoustic simulation, French vowels
1. INTRODUCTION
Geometric modeling of the vocal tract is used in particular to produce input data for articulatory synthesis [2]. One of the challenges is to obtain a concise description and to remove geometric details that
do not change the acoustic parameters significantly,
from a perceptual point of view. Those simplifications could lead to a reduction of the number of parameters used to describe the vocal tract geometry,
and consequently make the calculation simpler.
In general, more attention is paid to the jaw,
tongue, lips and larynx, compared to the velum and
epiglottis. The velum is indirectly taken into account
more for representing the opening of the velopharyngeal port than for its impact on the oral cavity.
Concerning the epiglottis, its position depends on
the size of the pharyngeal cavity, and thus on the
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taneous speech recordings of five French vowels to
study the articulators’ effects. The real speech signal was used as a reference. We edited the images
to remove the velum and the epiglottis and then used
acoustic simulations to see how the transfer function
of the vocal tract was affected, and, therefore, what
the role is of these two articulators in phonation.

geodesic active contours algorithms for automatic
segmentation [3, 18]. As far as manual segmentation is concerned, it offers polygon-based tools and
various types of paint brushes in order to specify the
segmented region.

2. MATERIALS AND METHODS

For the purposes of our experiments, we used kwave toolbox for MATLAB [15] to simulate how the
acoustic wave propagates through the vocal tract until it reaches the lips. The applications of k-wave
toolbox range from acoustic [14] and ultrasound
wave propagation [16], [9] to photoacoustic tomography [13].
Although there are various popular methods for
acoustic wave propagation, like finite differences, finite elements and boundary element methods, they
generally take a significant amount of time since
they require a small time step and a lot of grid points
per wavelength. k-wave solves these issues by interpolating a Fourier series through all of the grid
points to get an estimation of the gradient. This
way, the computations are faster since they require
less grid points and employ Fast Fourier Transform
(FFT) to make the calculations. An issue that arises
is that as the wave reaches the grid boundaries, it
keeps propagating by entering from the opposite
site. To prevent this, k-wave implements an absorbing boundary condition called Perfect Match Layer
(PML).

2.3. Acoustic simulations

2.1. Data

For the purpose of this study, we used an MRI data
part of a study approved by an ethics committee and
the subject gave written informed consent (ClinicalTrials.gov identifier: NCT02887053). The subject
retained for the data acquisition is a healthy male
French native speaker at the age of 32, without any
reported speaking or hearing problems.
The MRI data (same as described in [5]) was acquired on a Siemens Prisma 3T scanner (Siemens,
Erlangen, Germany). We used the 3-dimensional
cartesian vibe sequence (T R = 3.57 ms, T E = 1.43,
FOV = 22 × 20 mm, f lip angle = 9 degrees) for the
acquisition. To acquire the speech signal, we used
FOMRI III (Optoacoustics, Or Yehuda, Israel) fiber
optic microphone. Since the audio recordings were
made at the same time as the MRI acquisition, we
used FASST toolbox [12] to denoise the speech signal using the denoising algorithm proposed in [11].
Despite the improvement of the signal quality formant frequencies cannot be easily determined, especially above 2500 Hz. Values of Table 1 are thus
given as an indication, especially those above 2000
Hz, and not as a reference.

3. EXPERIMENTS
The experiment consisted of two parts: 1) image
processing and 2) acoustic simulations.

2.2. MRI data processing
3.1. Image processing

The process of MRI data is mainly divided in two
steps: 1) pre-process the data to make some corrections regarding the orientation of the 3D images axis
and 2) segment the vocal tract.
To make adjustments to the axis of the
3D images we used 3DSlicer software [8]
(http://www.slicer.org). Among its several functions, like visualizing and processing various types
of medical images such as MRI and CT, 3DSlicer
can be used to resample the images using several
kinds of interpolation techniques like linear or
Lanczos.
For the image segmentation tasks, we used ITKSNAP software [17]. It is a software designed to
segment medical images and offers tools and algorithms both for 2D and 3D image segmentation.
For example, it provides region competition and

In this experiment we used five vowels of the French
language, /a, œ, i, o, y/. First, we used 3Dslicer software to correct the axis orientation of the 3D images
since there was a small angular offset of about −6
degrees in the sagittal field. We used Lanczos interpolation to resample the image with the Lanczos
filter parameter chosen as a = 4.
When then employed the ITK-SNAP software for
semi-automatic segmentation of the vocal tract 3D
volume.
The Nearest Neighbourhood algorithm was used
to create the probabilistic map to use for the automatic segmentation of the vocal tract. We used two
classes and 10000 points for consideration as the
nearest points for class categorization for the creation of the probabilistic map. Then an active con-
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Figure 1: 3D volume of /i/ vowel

tour algorithm was applied and the vocal tract mesh
generated (Figure 1).

2D segmentation of
/i/ vowel with full
vocal tract

2D segmentation of
/i/ vowel without
epiglottis

Spectrum of
/i/ vowel with full
vocal tract

Spectrum of
/i/ vowel without
epiglottis

2D segmentation of
/i/ vowel without
velum

2D segmentation of /i/
vowel without epiglottis
and velum

Spectrum of
/i/ vowel without
velum

Spectrum of /i/
vowel without epiglottis
and velum

3.2. Editing of the vocal tract geometry

Since the impact of the 3rd dimension to the acoustics of the vowels is not very significant [7, 5], we
extracted the mid-sagittal slices from the 3D shapes
to further process and use for our study. We used the
3D shape as a guide to correct segmentation errors
in the mid-sagittal slices (especially in the region of
velum and epiglottis) caused by blurring due to image interpolation.
For every mid-sagittal slice, three more segmentation versions were created by processing the segmented images (4 images per vowel in total with the
original). In the first version we edited the vocal
tract geometry to withdraw the epiglottis, in the second we used a constant wall approximation at velum
(by withdrawing the velum extremity) and in the
third version we combined the previously described
simplifications (Figure 2). These three versions of
every vowel along with the original were the data
used in the simulations.
Finally we used meshlab [4] to smooth every
mesh by applying Laplacian smoothing filter with
step 3. For every vowel, about 5 hours of processing
was required, with the biggest amount of time spent
on the manual segmentation step.

Figure 2: The four versions of /i/ phoneme
(original, without epiglottis, without velum, without velum and epiglottis) with the corresponding
spectrums below them

the surface mesh into a volumetric representation using voxels and we took the projection of the voxelbased geometry to a 2D plane parallel to the sagittal
field. Finally we ran the simulations.
A challenge that we faced was specifying the parameters of the simulation so that there would be
a balance between the stability of the simulation, a

3.3. Acoustic simulations

The simulation code that we used was built in MATLAB environment using k-wave toolbox. The data
used as an input are in the form of a 3D surface
mesh with sagittal width 1.2mm. We transformed
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good approximation of the realistic conditions and a
sufficient duration of simulated signal. In our case,
the computational grid has a size of 128×128 (coronal × axial) with grid spacing dx = dy = 1mm. A
PML layer of 10 grid points was added at the boundaries of every side to solve the issue of circular wave
propagation that happens when simulating with kwave, the problem that was mentioned in the method
section. We manually select the source position for
every vowel to correspond to the position of the vocal folds. As a source, we used a disc of 5 grid point
radius that emits a delta pulse of pressure (spreading equally in all directions) and 1Pa amplitude.
The medium properties inside the vocal tract were
cin = 350m/s, din = 1kg/m3 and the properties outside were cout = 1000m/s, dout = 1000kg/m3 , where
cin , cout are the speed, and din , dout are the densities inside and outside the vocal tract respectively.
We simulated the signal for 30ms, with a time of
3 ∗ 10−8 , resulting in 1000001 signal samples. The
pressure signal was recorded with a sensor placed at
the end of the vocal tract and the maximum allowed
frequency of the grid was 175KHz. Every simulation requires on average 3 hours and 20 minutes.
Finally we computed the transfer function of every vocal tract and computed the peaks that appear
in the frequency domain to compare them with the
formants of the original audio signal (Table 1).

Table 1: speech signal / simulations with full vocal tract / simulations without epiglottis (no_epig)
/ simulations without velum (no_vel) / simulations
without epiglottis and velum (no_epig_vel) formants computation in Hertz for the five vowels.

/a/ - speech signal
/a/ - full vocal tract
/a/ - no_epig
/a/ - no_vel
/a/ - no_epig_vel
/œ - speech signal
/œ - full vocal tract
/œ - no_epig
/œ - no_vel
/œ - no_epig_vel
/i/ - speech signal
/i/ - full vocal tract
/i/ - no_epig
/i/ - no_vel
/i/ - no_epig_vel
/o/ - speech signal
/o/ - full vocal tract
/o/ - no_epig
/o/ - no_vel
/o/ - no_epig_vel
/y/ - speech signal
/y/ - full vocal tract
/y/ - no_epig
/y/ - no_vel
/y/ - no_epig_vel

4. DISCUSSION
The first remark concerns the values of the formant
frequencies of the normal vocal tract without simplifications. The lying position and noise in the MRI
machine largely explain the deviations from the expected values for these vowels of a male speaker.
The second remark, which is illustrated by Figure 2 is that the original geometry with the small
cavity between the epiglottis and tongue root gives
rise to a zero in the spectrum. This is all the more
pronounced since the epiglottis is well separated
from the tongue. In the case of the vowel /i/, it is
also noted that a zero appears in the region of F3F4.
Regarding simplifications, it should be noted
in Table 1 that they do not have a very significant impact on the first formant. For F2, the velum simplification has a more pronounced effect. The changes
at the velum have an impact on the constriction between the front and back cavities of the vocal tract.
This mainly affects F2 which is more sensitive to the
length of the cavities.
As can be seen on the spectra of numerical simulations, the impact of the epiglottis corresponds to
the appearance of a small cavity that adds zeros in

F1
689
674
641
674
674
443
416
417
389
389
380
337
304
304
304
430
404
404
404
404
336
281
253
251
253

F2
1296
1349
1315
1787
1753
1335
1444
1444
1527
1527
2306
2394
2428
2428
2461
732
900
900
1012
990
1854
1798
1798
1826
1826

F3
2604
3169
3405
2933
2832
2436
2471
2499
2360
2332
3193
3136
3304
3136
3271
2619
2001
2728
2422
2391
2228
2192
2220
2192
2164

the spectrum, essentially at high frequency since this
cavity is small. Nevertheless, the impact of this cavity is far from being negligible above 2500Hz when
the epiglottis is well separated from the tongue (thus
not for /a/) because the zero appears in the region of
F3 and/or F4. Further work will focus on the development of simplification control algorithms to ensure that they have as little impact as possible on the
formants.
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ABSTRACT
Previous research has shown that audio-aligned air
puffs applied to the skin can enhance the perception
of speech audio [12]. In this study, we applied
dynamically varying air flow during two-way
forced-choice identification of Mandarin words,
comparing them to results of a study on English
which showed perceptual enhancement for both
stops and fricatives [6]. Two differences emerged:
Psychometric testing identified the 80% accuracy
signal-to-noise ratio for Mandarin words to be at 1.1 dB SNR, compared to -9.0 for English nonsense
syllables. In addition, in Mandarin, aero-tactile
stimuli only enhanced classification of voiceless
stops, whereas it enhanced classification of voiceless
stops and fricatives in English. These differences
may partially result from the interaction of high
conditional acoustic entropy in Mandarin compared
to English [24] and air flow – that is, the Mandarin
syllables had to be played with more preserved
acoustic information, weakening the potential effect
of air flow.
Keywords: Speech Perception, Speech Acoustics,
Laboratory Phonology, Multimodal Phonetics
1. INTRODUCTION
Various studies have shown that visual information
can enhance [29, 26, 17] or interfere [19, 18] with
accurate speech perception, even at a young age [5,
28]. More recently, studies have shown that aerotactile information can similarly enhance the
perception of speech audio [10, 12, 13]. This
enhancement follows from early notions of tactile
perception of speech production by Alcorn [1]; cf.
[14]. As with audio-visual speech [20], the benefit of
airflow depends on temporal alignment [21, 30, 11]
and even extends to visual-tactile stimuli presented
without an audio signal [4]. More specifically, this
line of research has demonstrated that the air puffs
released from the lips during the production of
voiceless stops can be replicated through machinery
and directed towards the skin of a speech perceiver
simultaneously with the relevant audio signal,
leading to the improved discrimination of such
sounds in a two-way forced-choice paradigm.
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These results were extended by including fricatives
and affricates from English [9], and using a system
that produces an air flow continuum rather than a
binary flow versus no-flow paradigm. Doing so
required two methodological improvements: a
method for obtaining accurate representations of
dynamic air flow in speech, and a system that could
produce continuously varying artificial air flow. This
study also applies dynamically varying air flow to
the participants’ right temple (see [8, 6]).
However, unlike the English study [9],
where dynamic air flow was calculated from the
audio signal, in this study of Mandarin Chinese, airflow was directly estimated from the speech signal.
Both procedures represent an improvement on prior
research, where air flow was manually determined
post-hoc on the basis of researcher knowledge [12].
This study also represents the first
application of the aero-tactile enhancement of
speech perception in a non-Western language
(Mandarin), providing multi-lingual evidence for
aero-tactile enhancement in speech perception.
1.1. Hypotheses

Phonetic and phonological observations regarding
our own recordings on air flow intensity during
consonant production in Mandarin lead us to
formulate the following hypotheses about twoforced choice discrimination of stimuli pairs with
varying air flow values.
Hypothesis 1: Air flow enhances two-alternative
forced choice (2AFC) discrimination of Mandarin
words as long as there is a measurable difference in
the average speech air flow rates between the two
choices.
Hypothesis 2: Enhancement will be proportional to
the size of the difference in the air flow rates
between the two choices.
2. METHODS
2.1. Recording of stimuli

In order to create the stimuli for this experiment, two
native speakers of Mandarin were recorded in a
sound-attenuated booth using a Sennheiser MKH416 microphone attached to a Sound Devices USBPre 2 microphone amplifier fed into a PC. Both
speakers were asked to produce twelve repetitions of

each stimulus presented on a computer screen. Four
tokens (two from each speaker) were then selected
for use in the perception experiment, based on
subjective audible clarity.
2.2. Stimuli

During audio recording, a ping pong ball mounted
on a carbon fibre rod attached to a number of strain
gauges was placed directly in front of the speakers’
lips to allow simultaneous and direct measurement
of air flow while they were producing the relevant
stimuli. The outputs of the ping pong puff device
(PPP; cf. [7]) were fed into a computer as an
amplitude-modulated sine wave and recorded in
Audacity [2]. This sine wave was subsequently
demodulated using an envelope detector and low
pass filtered at 100 Hz using an algorithm
implemented in Octave [23]. In a final step, all air
flow signals were manually checked, and signal
artefacts unrelated to speech air flow were deleted.
Table 1: Mandarin word pair experiments.

#

Paradigm

Han

Pinyin

1
2
3
4
5
6
7
8
9
10
11

[pa] vs. [pha]
[ka] vs. [kha]
[ta] vs. [tha]
[ta] vs. [t͡ sa]
[ta] vs. [t͡ sha]
[pa] vs. [fa]
[ta] vs. [sa]
[tha] vs. [t͡ sa]
[tha] vs. [t͡ sha]
[t͡ sa] vs. [t͡ sha]
[ʈ͡ʂa] vs. [ʈ͡ʂha]

八趴
嘎咖
搭他
搭紮
搭擦
八发
搭撒
他紮
他擦
紮擦
扎差

bā pā
gā kā
dā tā
dā zā
dā cā
bā fā
dā sā
tā zā
tā cā
zā cā
zhā chā

SNR
(dB)
-0.25
1.75
2
-0.5
-4.5
-0.25
-2
-2.25
-4
-0.25
-1.5

Air flow stimuli were generated using a
piezoelectric air-pump. The pump has a 30 ms
5/95% rise time, produces about 15 cm H2O
maximum pressure, and 0.8 liters/minutes of air
flow, or 1/12th the maximum in conversational
speech. To compensate for the low air flow, the
pump head was placed about 2.5 cm away from the
left temple, making the air flow contact on the skin
more appropriate to that which could happen in
close-contact speech.
2.3 Psychometric tuning

Fourteen participants, (12 female, 2 male), were
used to provide psychometric tuning data for each of
the 11 Mandarin 2AFC experiments listed in Table
1. Participants were seated in a sound-attenuated
room and wore Extreme Isolation EX-29 headphones
(Direct Sound Headphones, Fenton, MO). They
were presented with the audio stimuli through an
experiment designed in PsychoPy [25], and asked to
press computer keys to indicate which of two words
they heard. For each of the Mandarin experiments
listed in Table 1, two adaptive staircases were
interleaved with random pair-ordering. Participants
listened to speech-in-noise with SNRs that went up
two dB when answered incorrectly, and down 0.5
dB when answered correctly, allowing for tracking
of an 80% identification accuracy [16]. A minimum
of ten reversals for each of the two syllable types
were recorded, and averages were computed from
the last five reversals. The average of the signal-tonoise ratios in decibels (SNR dB) for the two words
were then used for the main experiment. These
SNRs are shown in the last column of Table 1.
2.4. 2AFC experiments

To generate speech noise for each speaker, the
recordings of their speech tokens were randomly
superimposed 10,000 times within a 10 second
looped sound file using an automated process. The
resulting noise spectrum is virtually identical to the
long-term spectrum of the speech tokens from that
speaker [28], ensuring the SNR’s of the experiment
stimuli are all the same.
The experiment headphones were placed on
a Brüel & Kjær Type 4128 Head and Torso
Simulator connected to a Brüel & Kjær 7539 5/1-ch.
Input/Output Controller Module (Brüel & Kjær,
Nærum, Denmark). The 1-second average Aweighted sound level of the samples was measured
using the Brüel & Kjær PULSE 11.1 noise and
vibration analysis platform to confirm their output
level. Using this information, output was set to an
average (mean) of 75 dB for all tokens.
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We used an adaptive air flow production system [8,
6] to apply air flow to the participants’ temples,
depending on stimulus pair and air flow condition
(see below for details). The air flow directly
measured using the ping pong puff device was used
to control the air flow system’s piezoelectric pump
mounted to Extreme Isolation EX-29 headphones.
Stimuli presentation and response capture
technique were identical to those used for
psychometric tuning, and identical to that used for
the previous study on English fricatives [9]. For each
2-way forced-choice experiment, the participant
heard sixteen tokens of each syllable without air
flow, and sixteen tokens of each syllable with air
flow generated from the underlying sound file, for a
total of 64 tokens. Each participant completed all
eleven experiments, for a total 704 tokens, lasting
about 40 minutes.

75

80

80

% Correct
60 65 70

75

50

55

% Correct
60 65 70
55
50

no

Artificial air puff

yes

no

yes

75

75

80

80

Artificial air puff

4: Auditory [t͡sa] in [ta] vs. [t͡sa]

3: Auditory [tha] in [ta] vs. [tha]

% Correct
60 65 70
55
no

Artificial air puff

yes

no

Artificial air puff

yes

6: Auditory [fa] in [pa] vs. [fa]

50

55

55

% Correct
60 65 70

% Correct
60 65 70

75

75

80

80

5: Auditory [t͡sha] in [ta] vs. [t͡sha]

50

no

Artificial air puff

yes

no

Artificial air puff

yes

55

% Correct
60 65 70

75

80

7: Auditory [sa] in [ta] vs. [sa]

50

Where correct answer refers to identification of the
correct stimuli based on the acoustic signal, air flow
refers to the presence or absence of the application
of artificial air flow to the skin, energy difference
represents a direct measurement of the mean
difference in air flow delivered to the skin between
the stimuli used for two choices in the 2AFC
experiment (i.e. [pa] vs. [pha]). The fixed effects
identify the interaction of air flow and energy
difference. The sub-formula (1 + (air flow * energy
difference) | participant) represents the full-factor
random effect for the main effect for each
participant. Speaker represents the ID of the speaker
who provided the acoustic stimuli, and the subformula (1 | speaker) is a simple intercept for the
difference in intelligibility for each speaker. We also
attempted an analysis of non-linear effect of energy
difference in the model using rcs [30], but found that
doing so did not significantly improve the model.

2: Auditory [kha] in [ka] vs. [kha]

1: Auditory [pha] in [pa] vs. [pha]

50

(1)
correct answer ~ air flow * energy
difference + (1 + (air flow * energy difference) |
participant) + (1 | speaker)

Figure 1: Interaction plot: Aero-tactile perceptual
enhancement by experiment (1-7).

% Correct
60 65 70

Generalized linear mixed-effects models (GLMM)
were first run for each experiment to see if there was
a significant enhancement in token identification
accuracy for the audio + air flow condition
compared to the audio only condition. However,
because it is difficult to interpret a series of
individual tests, and to avoid Bonferroni-correctionstyle errors in analysis, we also ran a model covering
all of the experiments. We assigned a measure of the
mean difference in air flow between the two word
choices in each experiment, based on the air flow
recordings obtained from our stimuli sources. This
allowed each experiment to be placed on a
continuous scale of energy difference. The model is
shown in Formula 1:

The individual interaction plots for each of the 11
experiments are shown in Figures 1 and 2. Figure 2
contains experiments 8-11, where both choices have
air flow in the underlying consonant, so both have
valid comparisons between auditory only and
auditory + airflow conditions. None of the results
were statistically significant except for audio +
tactile enhancement in experiments 3 (Z = 3.346, p <
0.001) and 5 (Z = 2.602, p = 0.009), and audio +
tactile interference in experiment 9 (Z = -3.148, p =
0.002), and 10 (Z = -3.176, p = 0.002).

55

2.5. Statistical Analysis

3. RESULTS

50

We collected data for 28 participants (20
females, 8 males). All of the participants were native
monolingual Mandarin speakers except for one that
was a bilingual Mandarin and English speaker, one
bilingual Mandarin and Cantonese speaker, and one
trilingual Mandarin, English, and Malay speaker.
Following three questions about their hearing (see
[22]), all reported normal hearing except for one
with a slight difficulty listening to TV and three with
slight difficulty listening to conversations in noisy
environments.

no

Artificial air puff

yes

The GLMM shows that participants were
significantly less accurate at identifying the audio
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correctly in the audio + air flow condition than in
the audio-only condition. However, this trend
was reversed when the energy difference in the
air flow between the two choices was high
enough (see Table 2). The interaction effect, as
obtained from the statistical model’s predictions
[3], can be seen in Figure 3.

Figure 3: Interaction plot: Aero-tactile perceptual
enhancement by energy difference from LMER.

Figure 2: Interaction plot: Aero-tactile perceptual
enhancement by experiment (8-11).
8b: Auditory [t͡sa] in [tha] vs. [t͡sa]

50

50

55

55

% Correct
60 65 70

% Correct
60 65 70

75

75

80

80

8a: Auditory [tha] in [tha] vs. [t͡sa]

no

Artificial air puff

yes

no

yes

4. DISCUSSION

80
75

50

50

55

55

% Correct
60 65 70

% Correct
60 65 70

80

9b: Auditory [t͡sha] in [tha] vs. [t͡sha]

75

9a: Auditory [tha] in [tha] vs. [t͡sha]

Artificial air puff

no

Artificial air puff

yes

Artificial air puff

yes

10b: Auditory [t͡sha] in [t͡sa] vs. [t͡sha]

50

50

55

55

% Correct
60 65 70

% Correct
60 65 70

75

75

80

80

10a: Auditory [t͡sa] in [t͡sa] vs. [t͡sha]

no

no

Artificial air puff

yes

Artificial air puff

yes

11b: Auditory [ʈ͡ʂha] in [ʈ͡ʂa] vs. [ʈ͡ʂha]

50

50

55

55

% Correct
60 65 70

% Correct
60 65 70

75

75

80

80

11a: Auditory [ʈ͡ʂa] in [ʈ͡ʂa] vs. [ʈ͡ʂha]

no

no

Artificial air puff

yes

no

Artificial air puff

yes

Table 2: Table of fixed effects outcomes for model
formula 1 (* = significant, α = 0.05).
Fixed
(Intercept)
air flow (yes)
energy diff
flow:energy

Estimate
0.717
-0.252
-5.137
12.39

StErr
0.178
0.119
6.894
5.736

z-value
4.030
-2.115
-0.745
2.161

p-score
<0.001 *
0.0344 *
0.456
0.0307 *
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The results of each experiment show that in
Mandarin, air flow only enhanced speech perception
for two experiments, both involving voiced vs.
voiceless stops. Examining airflow energy
differences directly shows that for Mandarin, air
flow enhances classification of 2AFC tasks as long
as there is a sufficient difference between the
expected air flows of the paired stimuli. However, if
the air flows are not sufficiently different, they
interfere with audio speech perception. These results
are similar to those found for English [9], but air
flow differences between stimuli need to be of larger
magnitude in Mandarin to provide a discrimination
benefit to the listener.
These results are in agreement with Oh’s
[24] analysis of phonological complexity in
Mandarin: Mandarin has twice the amount of
conditional entropy as English, calculated as “the
average amount of information taking contextual
information into account” (p. 8) based on bits per
linguistic units, among monosyllabic tokens (Figure
2.10, p. 63), once tone is accounted for. As a result,
Mandarin required increased audio clarity, on
average -1.1 dB SNR compared to English’s -9 dB
SNR [20]. This higher clarity reduced the potential
for a benefit of air flow, thus requiring a greater
distinction between air flow rates of the two choices
for each 2AFC experiment compared to what was
required for English.
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ABSTRACT
Speaking while doing another task is frequent in
everyday life. While the effect of speaking on
performing another task has been often studied, little
is known on the effect of dual-task on speech, or on
the bidirectional interference of one task on the other.
Here, we investigate dual-task effects on both speech
rate and on performances in non-verbal attentional
tasks with a bidirectional approach. Task properties
are varied for the type of speech task: counting vs.
sentence production, the type of non-verbal tasks in
terms of attentional demand (go vs. go-nogo), and
mode of presentation of the stimuli. Speech rate is
found to decrease under dual-task conditions only in
the counting task, and with most of the concurrent
non-verbal tasks. Processing of the non-verbal tasks
is also modified when speaking, but the direction of
the effect depends on the type of speech tasks and of
non-verbal tasks.
Keywords: dual-task, speech rate, type of speech
task, attentional demand.
1. INTRODUCTION
Dual-task is frequent in everyday life, for instance
when we talk while driving. Observations from dualtask paradigms in experimental settings or in clinical
practice, show that the simultaneous execution of two
tasks may induce interference of one task on the
other, as compared to when the tasks are done in
isolation.
Different theories provide explanations for the
bidirectional effects of the dual-task condition on
both tasks, in relation with the underlying
mechanisms or strategies adopted by the subject to
accomplish the two tasks. The Capacity sharing
theory considers that people share processing
capacity among tasks [11]. Since there is less capacity
for each individual task when done simultaneously,
performance on one or on both tasks may be
decreased [18]. The central bottlenecks model [18],
as well as other accounts such as task-switching or
time-sharing hypotheses, links the dual-task cost
explanation to the fact that attention can be given only
to one task at the same time. In such accounts, if two
simultaneous tasks need attention, one of them is
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suspended and delayed while the other one is carried
out.
Different factors have been found to influence the
interference between simultaneous tasks. Among
them, the modality [24] and the mode of presentation
of the stimuli to be processed [17] can affect the
overlap in time of the two tasks [8]. The priority given
to one task over the other, and the speed allowed for
processing also modulate the dual-task effects.
Finally, the degree of automaticity of the tasks [14,
19], their resource demands and complexity [16] are
crucial for observing dual-task effects. When it comes
to language, dual-task interference has been studied
in particular to identify which utterance planning
processes need attentional resources. Such studies
have focused on abstract, linguistic processes such as
lexical selection or phonological encoding [9, 24],
whereas, little is known on the effect of dual-task on
the speech itself. First, speaking has often been used
as a secondary task in experiments focusing on the
performances on another simultaneous task, walking
for instance [2]. Second, results on dual-task effects
on speech are controversial or difficult to generalise
in particular because both the speech tasks and the
concurrent tasks vary across studies. For the
concurrent task, they include for instance visuo-motor
tasks (e.g. placing objects on a board [6]), or other
linguistic tasks (e.g. grammatically correct sentences
generation [5]), or cognitive tasks (e.g. two-digit
math subtractions [5]). As for the speech tasks, they
include sentence repetition/production [3, 6],
recitation of automatic series such as counting [10],
semi-spontaneous speech [8, 10, 13, 15]. In addition
to the variability in the content of speech tasks,
different speech properties have been studied,
spanning from voice intensity [5, 6, 10, 15], to
temporal dimensions such as speech initiation time,
pause time [10], speech rate [15], utterances durations
[3] or disfluencies [4]. Regarding speech rate which
will be of particular interest here, opposite results
have been reported. Speech rate was not affected by a
simultaneous visuo-motor tracking task in [10] or by
a verbal working-memory task in [4]. On the other
hand, speech rate decreased during walking, finger
tapping and noise hearing [12] and increased with a
simultaneous visuo-motor pegboard task [5].
Surprisingly, only a few studies have looked at
bidirectional effects in dual-task paradigm where one
task is usually the focus and the other task is a way to

create interference. Analysing performance on both
tasks might be of specific interest to better understand
strategic effects in the allocation of attentional
resources among tasks [22]. Among the studies which
include a speech task in a dual-task paradigm, some
find bidirectional effects [3, 8] while others don’t find
it systematically [12, 15]. Since the tasks’ parameters,
participants and speech dimension vary across
studies, a clear comparison remains difficult.
Moreover, the experiences often do not integrate the
variable of the mode of presentation of the stimuli to
be processed that the input and output modalities or
instructions could generate. The goal of the present
paper is to shed light on the attentional resources
required for speech by investigating the bidirectional
dual-task effects of producing overlearned speech
utterances while doing a concurrent non-verbal task
varying in mode (continuous versus discrete) and
attentional demand (go versus go-nogo). We use
overlearned speech sequences to minimise the
linguistic planning processes and investigate the
attentional resources required by motor speech
planning. We conducted with the same participants
two experiments differing in the mode of presentation
of the stimuli in the non-verbal task (continuous
versus discrete), each including two types of speech
task (counting vs. sentence production) and two dualtask levels of attentional demand (go vs. go-nogo) and
analysed the results in a bidirectional approach.
2. METHOD
Twenty-seven young adults (6 males, 21 females)
were recruited at the Faculty of Psychology and
Education Sciences in Geneva. They were aged
between 19-29 years old (mean age: 22, SD: 2,8).
The experimental procedure is presented in Table 1,
all tasks were done in single condition (SINGLE)
either speech only or non-verbal task only; and in a
dual-task condition (DUAL) with simultaneous
speech and non-verbal tasks.
Speech tasks: two speech tasks were performed and
audio recorded. The speech in the first task is rather
automatic and involves a sequential rhythm since the
speaker had to count from 1 to 20, digit by digit. In
the second task, the production is more linguistically
elaborated but overlearned as the speaker had to
repeat continuously a ‘meaningful’ sentence: “papa et
papi
papotaient
tout
à
coup”,
[papaepapipapɔtɛtutaku] (Dad and grandpa were
suddenly chatting). All the syllables of the sentence
have a CV structure, with unvoiced C to facilitate
acoustic segmentation. For both speech tasks, the
speech material (i.e. the 1-20 count (24 syllables) and
the sentence (11 syllables) are repeated in a loop
during 55 second.
The two speech tasks were produced in a speech-only
condition at the beginning (SINGLE: counting task 1,
sentence production task 1) and at the end (SINGLE:
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counting task 2, sentence production task 2) of each
experiment to control for a potential learning bias and
were averaged.
Non-verbal tasks: for the non-verbal tasks, two modes
of presentation of the stimuli to be processed are used
in two separate experiments. In Experiment 1, visual
stimuli (geometrical shapes) are presented one by one
(hence, in a ‘discrete’ mode of presentation of the
stimuli) on a computer screen and participants have
to detect a target shape. Manual responses (accuracy
and reaction times) are recorded by the keyboard. The
non-verbal task in Experiment 2 is a paper-and-pencil
task, where rows of visual stimuli are all presented on
a paper sheet and participants have to cross the target
stimuli in a ‘continuous’ mode from left-to-right. In
each of the two experiments, 2 types of non-verbal
tasks varying in attentional demand are tested: a go
task (GO) involving sustained and selective attention,
and a go-nogo task (GONOGO) involving also
inhibition.
For the GO task in Experiment 1, participants had to
click when they saw a circle on the screen (with only
circles appearing during the task), while for
GONOGO task, they had to click only for “x” sign
and not for the “+” sign. There were 24 target stimuli
on the 55 s. period in the GO, and 16 in the GONOGO
condition (along with 8 NOGO items). The
experiment was programmed using PsychoPy®
(version: 1.85.0) [20] and used pseudo-randomized
interstimuli intervals (1500, 2000, 2500ms). Duration
of each task was 55 s.
For the GO condition in Experiment 2, participants
had to cross target shapes, i.e. triangles presented in
rows with circles, while for the GONOGO, they had
to cross circles only when preceded by a triangle.
Duration of each task was 55’’.
Table 1: Experimental design for both Experiment
1 and Experiment 2.

The order of the experiments (1 or 2), of the tasks for
the non-verbal GO and GONOGO, and for the speech
tasks (counting and sentence production) were
counterbalanced across the 24 participants. The
participants were instructed to speak at their usual
speech rate and could breathe anytime needed. For the
computerized visuo-manual task in Experiment 1,
they had to press space bar as soon and as accurately
as possible for the targets. For the paper-and-pencil
visuo-motor task in Experiment 2, they had to

proceed line by line without going back to correct
themselves. During the dual-task condition, they had
no instruction about task prioritization and were
asked to perform both tasks at the same speed and
accuracy as in single condition.
The effect of dual-tasking on speech is measured on
speech rate, computed as the number of syllables per
second for each of the two speech tasks in each
condition. For non-verbal tasks, performance is
assessed via mean reaction time for correctly
processed target stimuli in Experiment 1 and number
of correctly processed stimuli in 55’’ in Experiment
2. In both experiments, the effect of dual-tasking on
speech and on the non-verbal task is tested with
repeated-measures ANOVAs with conditions (3
levels: SINGLE, DUAL-GO, DUAL-GONOGO) as a
within subject factor separately for each speech task
and non-verbal task. Posthoc pairwise comparisons
were performed using Tukey’s HSD. Critical
significance was set at p <.05. The effect size is
indicated by partial eta-squared.

dual-GONOGO condition where counting was
produced with a slower rate than in SINGLE
condition (p<.05).
Performances in the non-verbal tasks: reaction times
for GO (F (2, 52) = 69.5; p < .001; partial ƞ2= 0.73)
and for GONOGO (F (2, 52) = 12.3; p<.001; partial
ƞ2= 0.32) tasks were affected by conditions. As
shown in Figure 2, both the GO and GONOGO nonverbal tasks had longer reaction times in the Dual
settings, either when participants simultaneously
counted or produced sentences, as compared to the
SINGLE condition (all: p<.001).

3. RESULTS

Figure 3: mean speech rate (nb of syll/s.) averaged
across participants (N=27) and standard deviation
for counting and sentence production tasks in
Experiment 2 according to 3 conditions: SINGLE,
DUAL-GO, DUAL-GONOGO.

3.1. Experiment 1
Figure 1: mean speech rate (nb of syll/ s.) averaged
across participants (N=27) and standard deviations
for counting and sentence production tasks in
Experiment 1 according to 3 conditions: SINGLE,
DUAL-GO, DUAL-GONOGO.

3.2. Experiment 2
Rate in the speech tasks: in this experiment, speech

rate, shown in Figure 3, was also affected by
condition only in the counting speech tasks (F (2, 52)
= 5.37; p<.01; partial ƞ2= 0.17). Counting was slower
in dual-task settings with both the GO (p<.05) and
GONOGO (p<.01) tasks compared to when done with
no other tasks (SINGLE).

Figure 4: mean number of correctly processed
stimuli averaged across participants (N=27) and
standard deviation in the GO and GONOGO nonverbal tasks in Experiment 2 according to 3
conditions: SINGLE, DUAL-counting, DUALsentence production.

Figure 2: mean reaction times (ms) averaged across
participants (N=27) and standard deviations in the
GO and GONOGO non-verbal tasks in Experiment
1 according to 3 conditions: SINGLE, DUALcounting, DUAL-sentence production.

Performances in the non-verbal tasks: the number of

Rate in the speech tasks: as shown in Figure 1, speech

rate was significantly affected by the condition, but
only for the counting speech task (F (2, 52) = 3.93,
p<.05; partial ƞ2= .13). This effect was due to the
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correctly processed stimuli (Figure 4) depended on
condition for the GONOGO task (F (2,52) = 7,15; p
< .01; partial ƞ2= 0.22), but not for GO task.
Surprisingly, in this GONOGO task, more stimuli
were correctly processed in the dual condition with
concomitant sentence production, compared to both

the SINGLE condition (p <.001), and the dual
condition where the participant had to count (p<.01).
3. DISCUSSION AND CONCLUSION
Here, we investigated the influence of the type of
speech tasks, attentional demand of concomitant tasks
and mode of presentation of the stimuli. Modification
of speech rate is interpreted as a cue to attentional
demand of speech production. The bidirectional
analysis of the effects of one task on the other is a way
to estimate the underlying mechanisms and global
strategies adopted by the speakers when dual-tasking.
Our results first show that dual-task effects are not
similar across speech tasks. A dual-task effect on
speech rate was found for the counting task in both
experiments. This result is opposite to [10]’s results,
who found a constant rate in counting during a visuomotor tracking task. In contrast, we did not find a
dual-task effect on speech rate of the sentence
repetition task, which is similar to what was found by
[5] and [3] with other concurrent non-verbal tasks.
Differences in dual-task effects according to the type
of speech task could be due to the fact that the
attentional resources to be shared with the other nonverbal tasks are recruited only in counting, which is
an automatic speech task but which may require
inhibition when it is done in a loop. Subsequent
analyses will be done to analyse if the slowing of
speech rate is more important close to the end of the
1-to-20 series where speakers need to inhibit the next
digits and reset a new loop. For the sentence
repetition task, the absence of dual-task effects could
be due to the fact that the sentence had to be repeated
again and again and therefore becomes quite
automatic and overlearned with no or very little
linguistic planning. This learning effect was also
found by [5] for the speech measures of a repetition
task with visuo-motor task and linked to the practice
of the speech task in the single condition done before.
It could be relevant to analyse another parameter of
speech fluency like disfluencies that could be more
sensitive to dual task effect than speech rate.
The other factor found to influence dual-task effects
in our study relates to the difference between
experiment 1 and 2 and the attentional demands of the
non-verbal tasks. Indeed, counting is slower when the
stimuli of the secondary task are presented in a
discrete mode (in experiment 1), but only for the
condition requiring enhanced attentional demand, i.e.
inhibition in the GONOGO conditions. In experiment
2, where the processing of the non-verbal task can be
done in a continuous way by the participant (all the
stimuli to be processed are in front of the participant
and proceed at his/her own pace), the counting is
slower with both concurrent GO and GONOGO
tasks.
Regarding the non-verbal tasks, a dual-task effect is
also found when they were performed while
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speaking. However, the effect goes in opposite
directions in the two experiments. In experiment 1, a
negative dual-task effect is observed with longer
reaction times for correct answers. In experiment 2, a
positive dual-task effect is found with an increase of
stimuli processed when participant had to produce
sentences simultaneously (but not while counting). It
is difficult to compare performances based on two
different measures, reaction time in the computerized
experiment 1 and number of correctly processed
stimuli in the paper-and-pencil experiment 2.
Reaction times may be more sensitive to task demand
and can reflect the slowing down of the processing of
the non-verbal task when participants had to count
simultaneously. It is also possible that the attentional
demand for the non-verbal tasks is stronger in
experiment 1 than in experiment 2. Assuming that
processing capacity are shared among the two tasks
[11, 18], the bidirectional interference between the
non-verbal task and the speech task is thus stronger
for the more demanding tasks: the non-verbal task in
experiment 1 and the counting speech tasks, showing
both a slowing down (in reaction time and speech
rate) when done simultaneously. The limit in capacity
hypothesis thus do not explain the positive dual-task
effects found in experiment 2 for the non-verbal gonogo task (increased number of processed stimuli in
the sentence production condition). We can see here
the interest of analysing both speech and secondary
task’s performances because another type of
processing might take place. While speech is slowed
in dual-condition, number of processed visual stimuli
rises. This could reflect a ‘‘magnet effect’’, which is
the tendency of biological oscillator to attract each
other [7]. As also found by [5] and [21], the shared
motor modality of processing (writing for the nonverbal task and speaking) could facilitate the
attraction of the rhythmic pattern adopted in the two
tasks and create a positive “energizing effect”, as the
one found for Parkinson’s disease patients who
increase voice intensity when dual-tasking [1, 15].
The present findings confirm the recruitment of
attentional resources in speech production but only
for specific speech tasks. The underlying mechanisms
or strategies used by healthy subjects to achieve dualtask depend on the type of speech task, the attentional
demand of the non-verbal tasks and the mode of
presentation of the stimuli. Further analyses of the
data will include time point analyses of non-verbal
tasks and more refined analysis of speech rate and
speech rhythm.
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ABSTRACT
Word segmentation is one of the initial processes for
lexical perception. While visual inputs can help it in
acoustically ambiguous situations, the effect of
orofacial somatosensory inputs to this process is
unknown. We here tested how orofacial
somatosensory inputs affect word segmentation for
lexical perception. We carried out identification tests
using a French phrase consisting of a definitive and a
noun, segmented differently according to the place of
the accents in the phrase. In the test applying
somatosensory stimulation at various timings along
the phrase with neutral accent, we found that the
lexical
perception
was
significantly
and
systematically
biased
depending
on
the
somatosensory stimulus timing. This bias effect was
not seen when two somatosensory stimuli were
applied to emphasize one accent position rather than
the other by changing force amplitude between two
positions. The results show and quantify the role the
orofacial somatosensory system plays in lexical
perception.
Keywords: lexical perception, temporal timing,
multisensory integration, speech production.

gestures may modify the perception of speech sounds
[5]. The speech-like somatosensory inputs were
produced by skin stretch perturbation based on the
findings that facial cutaneous mechanoreceptors
provide articulatory information [4,6]. Although
phonetic boundary in vowel perception were
systematically modulated depending on the manner
of the facial skin deformation, it has never been
evaluated whether these effects could go up to the
level of lexical access in speech comprehension.
The current project aims to examine whether the
processing of lexical information concerning word
segmentation can be influenced by somatosensory
inputs associated with facial skin stretch. Our
assumption is that somatosensory inputs could
intervene in the segmentation process and hence
modify the lexical decision. To test this assumption,
we exploited a specific material in French, that is a
phrase consisting of a definitive and a noun,
segmented differently according to the place of the
accents in the phrase. We carried out two experiment
focusing on the timing of one somatosensory input
relative to the target auditory phrase (Experiment 1)
and on the difference in force amplitude of two
somatosensory inputs expected to emphasize one
vowel relative to the other in the auditory phrase
(Experiment 2).

1. INTRODUCTION
2. METHODS
In speech communication, access to lexical
information involves segmentation and decoding
processes which both depend on contextual
information. Indeed, coarticulatory processes
classically modify the acoustic content of a given
phonological unit, but may also intervene to blur or
enhance the segmentation process, crucial for lexical
access. Since coarticulatory processes are based on
articulatory mechanisms related to anticipation and
perseveration in gestural dynamics, it is likely that the
structure of articulatory motion plays a role in the
segmentation and decoding processes.
In a more general statement, speech perception is
an interactive process with multiple sensory
modalities and probably crucial perceptuo-motor
connections [10]. Recent finding provides evidence
that somatosensory inputs associated with orofacial
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2.1. Participants

Thirty-one native French speakers (ten males and
twenty-one females, mean age ± SD: 26.84 ± 7.75
years old) participated in the experiment (twenty for
Experiment 1 and eleven for Experiment 2). They had
no record of neurophysiological issues for hearing
and for orofacial sensation. The protocols of these
experiments were approved by the Grenoble Comité
d’Ethique
pour
les
Recherches
Non
Interventionnelles (CERNI). All participants signed
the consent form.
2.2. Auditory identification test

An auditory identification test assessing word
recognition in relation with word segmentation was

carried out in both Experiments 1 and 2. As auditory
stimuli, we focused on “elision” between a definite
article and a noun in French. A specific pair of French
nouns have the same pronunciation when they are
pronounced with a definite article (e.g. “l’affiche”
/l#afiʃ/ [“the poster”] and “la fiche” /la#fiʃ/ [“the
card”]; here “#” indicates a word boundary), but can
be differentiated by hyper-articulation for the
production of the first vowel in each word. Seventeen
French target utterances were tested, of the form
/laCV.../ or /laCCV.../, preceded by a carrier phrase
“C’est” [“This is”].
The auditory stimuli were recorded by one native
male speaker of French in three speaking accent
conditions. The first recording involved a neutral
accent without adding hyper-articulation on any
single vowel (Sa0), that is, increasing the ambiguity
of the utterance between the two possible
interpretations. The two other accent conditions (Sa1
and Sa2) were focused on one or the other
interpretation by putting an accent on either the first
vowel (e.g. /a/ in l’affiche) or the second vowel (e.g.
/i/ in l’affiche). This acoustic focus did modify word
segmentation and lexical decision in a previous study
on the same material [11]. Experiment 1 exploited
only the neutral accent condition (Sa0), while the
three speaking accents (Sa0, Sa1, and Sa2) were
involved in Experiment 2.
The auditory stimulus was presented through
headphones (AKG K242). The sound pressure level
was adjusted to a comfortable level for each
participant. One trial consisted in the presentation of
one specific phrase, for which the participant’s task
was to identify which word (e.g. “l’affiche” or “la
fiche”) was presented by pressing a key on a keyboard
as quickly as possible.
2.3. Somatosensory stimulations

We applied facial skin deformation by somatosensory
stimulation as done in the reference study in the field
[5]. A robotic device (PHANToM Premium 1.0,
SenSable Technologies) was used to generate a
stimulation force in synchronization with the auditory
stimulus presentation. Small plastic tabs were
attached to both sides of the participant’s mouth. A
stimulation force was applied in the upward direction.
A half-wave 6-Hz sinusoidal pattern was used,
providing a 167 ms duration compatible with a typical
vowel production in the current acoustic material.
2.4. Experimental procedures

2.4.1. Experiment 1
This experiment aims to examine whether the lexical
information processing can be modified by applying
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a single somatosensory facial skin stimulation at
various temporal places relative to the first vowel
production in the auditory stimuli.
Figure 1 shows a representative example of a
temporal relationship between the audio stimulus
(which could be either “C’est l’affiche” or “C’est la
fiche”) and skin stretch stimulation. We tested 8
different timings of somatosensory stimulation onset
(Pt1 to Pt8) in order to cover the entire audio stimulus.
We set Pt5 at the time of RMS peak for the first vowel
in auditory stimuli (e.g. “a” in the “affiche”) (see the
vertical dashed line in Figure 1). The other onsets
were set with 100 ms intervals based on Pt5. We also
tested the condition in the absent of skin stretch
stimulation (Pt0).
One block consisted of all 9 conditions (Pt0 to Pt8).
The order of conditions and auditory stimuli was
randomized. A short break was taken every 17 blocks.
The total number of trials was 612 (17 French
sentences * 9 skin stretch stimulation * 4 repetitions),
for a total duration of 30 minutes.
2.4.2. Experiment 2
This experiment aims to examine the potential role of
differences in amplitude of somatosensory
stimulations in lexical information processing related
to word segmentation.
We applied two somatosensory stimulations at
timings corresponding respectively to the first and
second vowels in the target utterance. The onset of
each somatosensory stimulation was set 200 ms
Figure 1: Representative example of a temporal
relationship between the audio stimulus, RMS
value sequence and skin stretch stimulation. The
vertical dashed line represents the time of RMS
peak for the first vowel in the stimulus sound.

before the RMS peak of the target vowel, based on
the findings of Experiment 1. We controlled the
relative amplitude of the two stimulations and tested
three patterns of skin stretch stimulation (see the
bottom of Figure 1). These patterns exploited two
force amplitudes, with a base amplitude set at 1 N and
a greater amplitude set at 2 N. In Pa1 condition, the
greater stretch amplitude came first and the base one
followed. Pa2 condition was in the opposite order with
the base first and the greater one following. In Pa0
condition, both stimuli were set at the base amplitude.
One block consisted of 9 experimental conditions
[3 speaking accent (Sa0, Sa1 and Sa2) * 3 skin stretch
stimulation (Pa0, Pa1 and Pa2)]. The order of
conditions and auditory stimuli was randomized. A
short break was taken every 17 blocks. The total
number of trials was 612 (17 French sentences * 9
experimental conditions * 4 repetitions).
2.5. Data analysis

The probability of response of the type “la + C(C)V”,
e.g. “la fiche”, was calculated for each participant, for
each facial skin stretch condition.
For Experiment 1, judgement probability from Pt1
to Pt8 were normalized by dividing by the probability
for Pt0. All data were transformed into Z scores. We
applied Linear Mixed-Effects Model (LMM) with R
(version 3.5.1) [9]. The fixed factor was the
Stimulation condition (Pt1 to Pt8) and the random
factor was the Participant. Post-hoc tests, if relevant,
were carried out by multiple comparisons with
Bonferroni correction.
For Experiment 2, we calculated judgement
probability for each speaking accent and skin stretch
stimulation. LMM analysis was applied as in
Experiment 1. The fixed factors were the Accent
condition (Sa0, Sa1 and Sa2) and the Stimulation
condition (Pa0, Pa1 and Pa2) and the random factor
was the Participant.
3. RESULTS
Figure 2 shows relative judgement probability across
the timing of somatosensory onsets in Experiment 1.
It appears that lexical perception related to word
segmentation changes depending on the timing of
somatosensory stimulation. The percentage of
judgement probability was reduced when the
somatosensory stimulation led the first vowel (= Pt3),
and was increased when somatosensory stimulation
was lagged, more or less corresponding to the second
vowel (= Pt6). LMM analysis showed a significant
difference between stimulation conditions (χ² (7) =
31.26, p < 0.01). Post-hoc test showed that the
amplitude of Pt3 was significantly smaller than the
amplitudes of Pt2, Pt5, Pt6, Pt7 and Pt8 (p < 0.04 in all
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cases). Hence it appears that judgement probability
depends on the timing of facial skin stretch
stimulation.
Figure 3 represents judgement probability for the
three speaking accent conditions (Sa0, Sa1 and Sa2) in
Experiment 2. We found a reliable difference
between auditory conditions (χ² (2) = 179.97, p <
0.01). Post-hoc test showed p < 0.01 in all
combinations of speaking accent conditions. This
suggests that a different accent in the phrase biases
the word segmentation to extract lexical information
as in [11]. We did not find any differences between
somatosensory conditions (χ² (2) = 0.06, p > 0.97) and
interaction effect between somatosensory and
speaking accent condition (χ² (4) = 0.39, p > 0.98).
Figure 2: Judgement probability relative to Pt0 in
Experiment 1. The error bars are standard error
across participants.

Figure 3: Judgement probability for three speaking
accent conditions in Experiment 2. The error bars
are standard error across participants.

4. DISCUSSION
A first and major finding of this study is that
somatosensory inputs associated with facial skin
deformation do modulate the perception of lexical
information in French in relation with the timing of
somatosensory stimulation relative to the target
vowel in auditory stimuli. A second finding is that
different amplitudes of somatosensory stimulation
applied in coordination with the two driving vowels
in the auditory stimuli do not modify lexical
perception. These results demonstrate and quantify
the capacity of orofacial somatosensory system to
intervene in lexical perception associated to word
segmentation. Given that similar somatosensory
effects have been demonstrated in the perception of
syllables (consonant-vowel sequences in [1]) and
phonemes (American English vowels in [5]), our
results extend the validity of somatosensory effects to
the lexical level of speech processing, which required
more complex (and/or higher-level) processing.
Since orofacial cutaneous mechanoreceptors
provide kinesthetic information for speech
production [4,6], the effect can be induced by
somatosensory inputs which are expected to be
accompanied in our own speech. This is consistent
with studies in audio-visual speech perception.
Indeed, it is well known that the intelligibility of
speech sounds can be improved by providing visual
information of the speaking movements in addition to
the audio stimulus, in normal environments [8,11] as
well as in noisy environment situations (e.g. [2,7,12]).
Both visual and somatosensory inputs associated to
speech-related movements hence appear to help to
segment a speech phrase in ambiguous situations.
Lexical perception in our experiments was biased
depending on when the somatosensory stimulation
was applied. When somatosensory stimulation was
applied before the first vowel presentation, the
perception was biased toward “affiche”. On the other
hand, when the somatosensory stimulation was
applied between the first and second vowel, the
perception was rather biased toward “fiche”. In both
cases, when the somatosensory input preceded one
specific vowel, the perception was biased toward the
vowel. This is consistent with the finding that the
change of cortical potentials by auditorysomatosensory interaction was induced specifically
when somatosensory inputs precede auditory inputs
[3]. Since anticipatory articulatory movements
precede speech sounds in speech production, this
temporal relationship between somatosensory and
auditory inputs might be important to induce the
somatosensory effect for speech perception.
We did not find any effect of somatosensory
amplitude in Experiment 2. This may be due to over-
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simplification of somatosensory stimulation. We
expected that amplitude difference in somatosensory
stimulation would produce different sensations of
hyper-articulation associated to the current auditory
stimuli. The first vowel in our audio stimuli was
always /a/ (l’a or la). On the other hand, the second
vowel did vary over the 17 words (8 low-, 7 mid-, and
2 high-vowels). Since the pattern of skin deformation
can be different between low-, mid- and high-vowels
[13], somatosensory inputs that would be received in
speech production should be different in the first and
second vowels. This suggests that the current
manipulation may not represent correctly the actual
situation of somatosensory inputs arising from speech
movement corresponding to the current auditory
stimuli. More complicated and realistic patterns of
stimulation might be required to induce an effect in
this paradigm.
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ABSTRACT
It has been shown that apexes of manual gestures such
as deictic gestures are often temporally coordinated
with the intonation peak [3, 7], and beat gestures help
planning utterances and rhythm of prosodic
constituents in English [10, 9]. However, what is not
known is how mirroring someone’s beat gestures
would affect vocalization of L2 English speech.
Japanese college students participated in speech
training sessions and a comparison was made
between an experimental group mimicking beat
gestures of a TED Talk speaker and a comparison
group shadowing audio of the same speaker. The
speech sounds and gestures (Kinect One, Microsoft)
were measured in pre- and post-training sessions. The
experimental group tended to produce a more targetlike prosody, suggesting that gesticulation facilitates
an English-like rhythm. The temporal relation
between the stressed syllables and the gestural apexes
will also be discussed.

are EFL learners’ beats aligned with stressed
syllables? This short paper reports the procedures of
the experiment, methods, and the preliminary results.
2. PROCEDURE
2.1. Participants

An English class for second-year students at a
Japanese university was used for this study, and
thirty-three students signed the consent form. They
were divided into Group 1 (n=11, 7 males and 4
females) and Group 2 (n=12, 4 males and 8 females).
Fifteen students’ data had to be excluded from the
research due to non-participation in either the pretest,
posttest or pre/post-questionnaires which were part of
this study. Therefore the total number of analysable
data was sixteen; eight students (5 males and 3
females) who received mirroring training, and eight
students (4 males and 4 females) who received
shadowing training.
2.2. Oral Reading Script

Keywords: Kinect, beat gesture, pitch range, error.

The material of the main oral reading test was adapted
from a Ted talk [11].

1. INTRODUCTION
Recently a growing body of experimental evidence
suggests that intonation peaks and apexes of deictic
gesture are often temporally coordinated in highly
controlled focus conditions [3, 7]. These findings
suggest exploring the utilization of gestures in order
to deliver messages effectively. In EFL contexts in
Japan, where the use of English is extremely limited,
an urgent need is to give them an experiential learning
to mimic a Ted Talk speaker, while enhancing
students’ pronunciation and oral presentation skills.
Mirroring a speaker’s “total expressive system” [1]
can be a breakthrough for L2 English learners, as
gestures enhance perceptual and production
prominence [6], and a study of mirroring a model
speaker of Ted Talk [12] reports it helps pitch range
expansion. Frequently used in academic contexts as
well as public speeches are beat gestures, which help
planning utterances and rhythm of prosodic
constituents in English [10, 9]. Inspired by this
previous research, we explore questions such as: i) Do
beat gestures help L2 learners enhance the difference
between stressed and unstressed syllables? ii) How
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I used to think the whole purpose of life was
pursuing happiness. […] Eventually, I decided
to go to graduate school for positive
psychology to learn what truly makes people
happy. But what I discovered there changed my
life. […] And according to the research, what
predicts this despair is not a lack of happiness.
It's a lack of something else, a lack of having
meaning in life. (194 words in total)
We prepared three kinds of reading materials:
(i) A4 paper (both sides, 2 pages), typed in Arial,
12pt, Bold, with a Japanese translation
(ii) 7 pages of PowerPoint slides, Arial, 28pt, Bold,
English only
(iii) 9 pages of PowerPoint slides, Arial, 28pt, Bold,
English only
Item (i) was used for the preparation session before
the pretest. To facilitate the understanding of the
content, a Japanese translation was added below each

sentence. Items (ii) and (iii) were used for pretest and
posttest respectively. In order to facilitate the
readability/view of the texts, the texts were divided
into several chunks consisting of a few sentences,
which were laid out on each slide. For (iii), a few
novel sentences were added at the end of the text (ii),
in order to examine look at how they behaved on
novel unrehearsed speech.
2.3. Instructions

An experiment was performed using a pretest/posttest
design. Students belonged to either the Mirroring
group or Shadowing group.
2.3.1. Pretest
In the pretest, they were handed an A4 paper, item
(i) above, given 5 minutes to get themselves familiar
with the text, and told that they are going to read the
paragraph as if they were making a speech. In this
short preparation session they were allowed to read it
aloud, and ask an assistant for the pronunciation of
unknown vocabulary.
Each person was guided to a classroom one by
one. They were handed an ear-hook microphone
(Andoer B011C6FTK6) and asked to wear it on their
right ear. Its cord was secured to a part of their shirt
with a clip to keep the microphone from dropping or
moving suddenly. They were asked to stand behind a
yellow tape line on the floor that was prepared in
advance. In front, participants see a projector screen
which shows the script of the speech from item (i) that
they already saw in the preparatory session. They
were asked to imagine they were going to make a
speech in front of an audience of about 20 people.
They were told that their hands and body can move in
a natural way while speaking, but not to hold their
hands behind their body.
In the classroom, one of the assistants was in
charge of the PowerPoint slide (ii), and hit a keyboard
to advance the slides according to the speech rate of
each participant. Another assistant was in charge of
recording audio and motion. Another researcher was
in charge of controlling an ipad to record their video.
While the participant was being recorded, the latter
two people were out of sight of the participant to
minimize the participant’s stress of being monitored.
2.3.2. Training Session
The training sessions continued over 3 weeks,
with one session per week. In order to get students
engaged in practice for a short period, the story was
divided into 3 sections in advance. Each section
(consisting of a few sentences) was presented to them
each week.
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In each sentence, students were given an
explanation about the following points:
● Location of stressed vs. unstressed syllables,
pauses and phrasing, focus words, and its relation
to the loudness, duration and pitch
● Pronunciation of challenging words the students
may not know (e.g., “gnawing”)
● Phonological change due to linking, reduction, and
deletion
This was done to raise their phonological awareness,
and to help them to feel ready to read it fluently. They
were also told to underline the location of all stressed
syllables.
The students were divided into two groups based
on their position on the student roster. The first half
of the students on the roster were moved to a different
classroom, and given a shadowing practice session.
A .wav file of the script, which was extracted from
the same Ted Talk, was played through a classroom
audio speaker. First, they were asked to listen
carefully to the whole audio. Second, an assistant
stopped the audio at the end of each sentence which
they were to repeat audibly. Finally, they were told to
shadow the audio as closely as possible, and continue
to do it.
The second half of the students remained in the
first classroom, and were given a mirroring session.
First, the video of the Ted Talk was played and the
students were asked to watch the speaker’s facial
expression and manual gestures in the relevant part
carefully. They were encouraged to annotate the
speaker’s movement on the handout, and at this stage
they came to be aware that the location of the beat
gestures - a rapid up and down movement of the hands
- often matches with stressed syllables. Second, they
were asked to mimic beat gestures without
vocalizing, while watching the video. Third, an
instructor paused the video at the end of each
phrase/sentence, and students were asked to read the
script and match the beat strokes with stressed
syllables. Finally they were told to read the script
aloud and move their hands as they watched and
continue to do it without any pausing of the video.
Both session consisted of about 20 minutes.
2.3.3. Posttest
Four weeks later, participants took the posttest using
the same procedure as in the pretest. They were
shown some new material following the familiar
script, but asked to read it as well as they could:

square of the right and left wrist was calculated. Then,
the time periods when the square velocities exceeded
10% of the maximum value were defined as the
periods when the left and right hands are in motion
(Figure 1).

But that raised some questions for me. Is
there more to life than being happy? And
what's the difference between being happy
and having meaning in life? Many
psychologists define happiness as a state of
comfort and ease, feeling good in the
moment. Meaning, though, is deeper. (47
words of continuation of the pretest)

3.3. Speech-gesture data

3. METHOD
3.1. Acoustic data

The pitch of the recorded speech was measured using
Praat [2]. The pitch unit was set to “semitones re 1Hz”
to
normalize
individual
differences.
The
measurement was done for the following sentences
for comparison:
● Pretest & posttest: Eventually, I decided to go
to graduate school for positive psychology to
learn what truly makes people happy.
● Extended part: Many psychologists define
happiness as a state of comfort and ease, feeling
good in the moment.
The sentence “Eventually…” was chosen because the
speaker used the most beat gestures for this than any
other sentence. The extended part was chosen as
above, because among sentences in the extended
passage, that has a relatively similar number of
syllables as the test sentence.
Our acoustic analysis focuses on 7 students (4
males and 3 females) from the mirroring group, and 7
students (3 males and 4 females) from the shadowing
group, who participated in all three training sessions.
(Data M16 from shadowing group had noise issues in
the audio file, and data M13 from mirroring group did
not follow the instructions while recording, so these
two files were removed.)
3.2. Kinematic data

The participants’ kinematics were measured by using
Kinect One for Windows (Microsoft), which is a
marker-less motion capture solution that estimates the
location of 25 anatomical landmarks including the
head and both hands. The Kinect sensor was placed
on the horizontal surface of a 0.45 meter high desk 3
meters in front of the participants.
Kinect measured the kinematics at approximately
30 Hz but sometimes it slowed down because of a
small jitter associated with Windows OS and other
software installed in the computer. The recorded time
series of the kinematics were re-sampled in 30 Hz and
smoothed using a zero-lag Butterworth digital lowpass filter (4th order, 10 Hz of cutoff frequency). The

3525

The participants were asked to clap their hands
after the recording started but before they started
speaking to create a point of time to be utilized for
synchronizing the sound and kinematic recordings.
The maximum intensity in waveforms around the clap
was identified in the audio tier, and the midpoint of
zero motion while both hands met was identified in
the motion tier. These specific starting points were
aligned in Camtasia, a video-editing application.
Using Matlab, all the acoustic data and kinematic data
were time-aligned, and arranged vertically (Figure 1).
The example shows a part of the sentence “I used to
think the whole purpose of life was pursuing
happiness” uttered by one participant (M11).
Figure 1: The example of acoustic and
kinematic data from a participant in the
mirroring group.

From the top, the tiers are (1) waveform, (2) words,
(3) vowels, (4) left hand motion, and (5) right hand
motion. The numbers on the bottom show timesteps
in seconds. In tier (3), stressed vowels and unstressed
vowels are coloured differently. (In the vowel tier, @
denotes [ə], and iN denotes [ɪŋ]. For typographical
reasons, some IPA symbols were replaced by other
symbols.) Boundaries reflect the segmentation of
vowels. If it was hard to detect the boundaries
between a vowel and a consonant (e.g, -ing), the
adjacent consonant was left attached to the vowel.
The kinematic tiers (“L” and “R” boxes in Figure
1) should generally include the preparation phase and
the stroke phase of beat gestures. Beat gestures
adopted here can be considered as multiple events –
(i) the movement of one or two hands toward a higher
position (preparation phase), (ii) a static phase at the
highest position (pre-stroke hold), (iii) a quick
downward motion (stroke phase), (iv) a post-stroke
hold, and (v) retraction/recovery movement [4, 5].

Thus, one beat gesture should usually consist of two
sets; a preparation phase occurs between 7.1 and 7.3,
and the stroke phrase happens between 7.7 and 8. A
static phase should be the cut-off point of one beat
and the wrists should be held in a higher position
between 7.3. and 7.7. So in this case, the learner’s
preparation phase starts before [@r] of “pursuing,”
and stretches to [u], while the stroke starts before [æ]
of “happiness” and the motion of the left wrist
stretches over to [i].
We examined where gestural time lag occurs,
which could feed into error analyses of EFL learners
of different proficiency levels. The gestural lag was
defined as a case where the beginning of the stroke
phase comes after the beginning point of a stressed
vowel.
4. RESULTS
4.1. Acoustic samples: Pitch range expansion

A two-way repeated measures ANOVA (training:
Pre/Post, and group: Mirroring/Shadowing) was
performed to test the differences in pitch range data.
A significant main effect of training was observed
(F(1, 12) = 15.3, p = 0.002, η2 = 0.43). Importantly,
a significant interaction was observed (F(1, 12) = 8.0,
p = 0.015, η2 = 0.23), which indicates that the effect
of Mirroring training on the pitch range was larger
than that of Shadowing training.
Figure 2: Pitch range (semitone) of pretest and
posttest, and transfer stage (to see whether
participants were able to transfer their pitch
expansion to new sentences.)

4.2. Speech-gesture coupling: Case study of M11

Data of M11 was chosen because he made the greatest
change in pitch range among the participants. Data
from M11 shows that most of his beat strokes start
and end before the stressed syllables, which is
compatible with the previous findings [8]. However,
some beat strokes start and end after stressed
syllables, as given below.
● ... ever feeling fulfilled, I felt anxious, and adrift.
(Start lag: 0.1, End lag: 0.2)
(stressed [ɪ]: 24.3–24.4, stroke: 24.4–24.6)
● … chasing happiness can make people unhappy.
(Start lag: 0.1, End lag: 0.1)
(stressed [æ]: 57.8–58, stroke: 57.9–58.1)
● … don’t have to be clinically depressed to feel it.
(Start lag: 0.4, End lag: 0.4)
(stressed [i]: 97–97.2, stroke: 97.4–97.6)
These gestural lags are also noticeable by looking at
the video. What is interesting is that such lags have
not been reported in previous studies. Similar delays
are observed in some other participants as well, which
might be caused by the interference of their L1
Japanese. This point will require further
investigation. Nonetheless, M11, who underwent
mirroring training, expanded pitch range, and showed
fewer pronunciation errors.
5. CONCLUSION
The results suggest mirroring helps L2 learners
expand pitch range. In spite of time lags in the strokes,
acoustic features crucial for speech intelligibility
improved in the posttest. Further investigation should
identify the effects of mirroring on other acoustic
features, the duration of pause, its relation to the
syntactic boundaries, types of errors, emotion, etc.
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ABSTRACT
Given that co-speech gestures affect language perception in both the L1 and L2, this paper aims to
determine whether they can also lead to improved L2
production. To this end, 51 native speakers of Dutch
received training focused on the target-like
pronunciation of the Spanish phonemes /θ/ and /u/,
which are typically difficult to acquire for native
speakers of Dutch. Participants were allocated to one
of four training conditions: audio-only, audio-visual,
audio-visual with pointing gestures, or audio-visual
with iconic gestures. Before and after training,
participants read aloud Spanish sentences that included words with /θ/ and /u/. Acoustic analysis revealed that /u/ is easier to acquire than /θ/ and that
training modality affects on-target production. More
specifically, all training conditions that included the
visual modality lead to more on-target productions
than the audio-only training. Interestingly, the effectiveness of the different types of multimodal training
varies between the two phonemes.
Keywords: multimodality; phoneme acquisition;
gesture; Dutch; Spanish.
1. INTRODUCTION
Language is generally viewed as an embodied,
multimodal system in which the motor, visual, and
speech modalities are integrated to convey meaning
[18, 21, 22, 30]. Several studies on L1 acquisition
have reported that children start communicating by
pointing at objects they do not yet have labels for [4,
5, 12, 28]. Moreover, these early pointing gestures
seem to predict the lexical items appearing in the
child’s vocabulary [12, 24]. Thus, gestures seem to
pave the way for language development. Similar
findings are reported for L2 acquisition, where
studies have demonstrated that novel words learned
with iconic gestures are better memorised than words
learned without iconic gestures [17, 25]. The gestures
are thought to enrich the sensorimotor memory trace
and therefore facilitate the recall of novel words [19].
1

Visual and gestural input is also known to affect L1
comprehension at the phonetic level. Listeners are reported to use face and mouth movements as well as
pointing gestures to disambiguate speech [20, 26, 27].
As phonemic accuracy is also crucial to L2 learners’
intelligibility, comprehensibility and accentedness [1,
3, 23], research on the interplay between gestural and
phonemic input is especially relevant.
Recent work has demonstrated that seeing the
speaker helps in the acquisition of L2 phoneme contrasts [8, 9], yet studies on the role of gestures in the
perception of non-native tonal and phonemic contrasts report contrasting findings: Hannah, Wang,
Jongman, and Sereno [7] and Kelly, Bailey, and
Hirata [14] revealed that gestural training significantly improves the perception of L2 phonemic tones
and intonation contours, but work by Hirata, Kelly
and colleagues [10, 11, 14, 15] revealed no significant
improvement in the perception of non-native phonemic vowel length distinctions after gestural training.
Kelly et al. [14] concluded that “gestures help with
some – but not all – novel speech sounds in a foreign
language” (p. 1). Thus, while gesture and speech are
clearly integrated at the semantic and suprasegmental
phonetic level [13], prior work shows that it is less
clear whether gestures also contribute to perception at
the phonemic level. Moreover, while prior studies focused on the perception of non-native phoneme contrasts by L2 learners, the role of gesture in the
acquisition of non-native phoneme production remains unknown. Finally, earlier work did not compare the effect of different types of gestures on L2
learning. Distinguishing between, i.e., pointing gestures that only serve to draw attention to the mouth
and iconic gestures that also give information on what
the speaker should do to achieve on-target pronunciation might lead to more specific conclusions about
the relevance of gestures in L2 classrooms.
Therefore, our research question is: Does instruction modality affect L2 learners’ production of nonnative phonemes? We hypothesize: 1) that adding
audio-visual information to language training will be
beneficial for phoneme acquisition compared to

The authors are grateful to Núria Domínguez, Hien Huynh, and Judith Peters for their assistance in material preparation
and data collection and analysis.
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providing only audio information [8, 10, 29]. 2)
Given that the use of gestures is helpful in the acquisition of certain segments [7, 14], as well as suprasegments [6], using gestures in the audio-visual training
will be more beneficial than not including them. As
prior work has not yet compared the effect of different
types of gestures, no predictions can be made on
whether iconic gestures will facilitate phoneme acquisition more than pointing gestures (the two types
of gestures used in the current study).
2. METHOD
2.1. Design

This study had a between-subjects design and included a pre-test (T1) and a post-test (T2). Participants took part in one of four training conditions:
audio-only (AO), audio-visual (AV), audio-visual
with pointing gestures (AV-P), or audio-visual with
iconic gestures (AV-I). The dependent variable was
the pronunciation of the target phonemes, coded as
either on-target or not.

understand the semantic meaning of the sentence, and
to make the task more interesting (see Figure 1). Half
of the sentences had a word containing the target
phoneme as the second word of the sentence. The
target phoneme always occurred in the first syllable
of this two-syllable word (e.g., La nube es blanca, La
zeta es verde). Each target phoneme occurred in four
target words. The remaining eight sentences were
fillers, containing the phonemes of interest, but at a
different position either within the word or within the
sentence. For this paper, the filler items were not
analysed.
Figure 1: Example of an experimental item
containing the target phoneme /u/.

2.2. Subjects

Fifty-one adult L1 speakers of Dutch (28 female, 23
male), with an average age of 25 years old (range 1861 years old) took part in the study. Participants did
not speak Spanish and had no auditory or visual impairments that could affect their participation. They
were recruited via the Radboud University research
participation system and received either credits or a
small financial reward for their participation.
2.3. Materials

2.3.1. Sentences
In this study, we focused on the L2 production of the
Spanish phonemes /θ/ and /u/, as read aloud by participants in the same set of four-word sentences at T1
and T2 in one of two randomised orders. /θ/ and /u/
were chosen, as on-target production of these phonemes was expected to be complicated by two factors: 1) The difference in grapheme-to-phoneme
conversion between Dutch and Spanish. The
grapheme ‘u’ should be pronounced as /u/ in Spanish,
while in Dutch it is usually pronounced as /y/, /ə/, or
/ʏ/. Similarly, the grapheme ‘z’ is pronounced as /θ/
in Spanish, but as /z/ or /s/ in Dutch. 2) The possible
absence of L2 segments in the L1 inventory. While
the /u/ is part of the Dutch phoneme inventory, /θ/ is
not. The sixteen sentences read by the participants
were presented on separate PowerPoint slides. Each
sentence was accompanied by a picture illustrating
the meaning of the sentence, to help participants
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2.3.2. Training
After T1, the participants received a short training focusing on the pronunciation of /θ/ and /u/. The order
of the two phonemes within the training was counterbalanced across participants. During training, participants studied PowerPoint slides on which information
was given about the way in which each target phoneme is pronounced in Spanish. Specifically, they
were informed that the Spanish pronunciation of both
graphemes differs from the Dutch pronunciation, and
were given information about which articulatory gestures are necessary for on-target pronunciation (e.g.,
“when pronouncing the letter ‘u’ in Spanish, you need
to round your lips”). The training included several examples, produced by an L1 speaker of Spanish; one
example segment was given on the same slide as the
written information about the phoneme, and two example sentences were given on subsequent slides.
The manipulation of the training modality consisted of the fact that the examples were presented in
either the AO, AV, AV-P, or AV-I condition. The
same audio (from the L1 speaker seen in the video)
was dubbed over all conditions, but they differed with
regard to the video material that was presented: In the
AO condition, participants heard the examples, but
did not see the speaker. In the AV condition, a video
of the speaker was shown, but the speaker did not
move her body, apart from her mouth. In the AV-P
condition, the speaker made a pointing gesture to-

wards her mouth while producing the target phoneme.
In the AV-I condition, the speaker made an iconic
gesture as she produced the target phoneme. This
iconic gesture represented the articulatory gesture
needed for on-target segment production, as explained in the training. For the /u/, it was a onehanded gesture indicating the rounding of the lips (see
Figure 2), and for the /θ/ it was a one-handed gesture
indicating that the speaker should push their tongue
out between their teeth (see Figure 3).
Figure 2: Still from training video in AV-I condition
showing the articulatory gesture needed for /u/.

Figure 3: Still from training video in AV-I condition
showing the articulatory gesture needed for /θ/.

2.5. Analyses

First, the words containing the target phonemes (8 T1
+ 8 T2 words × 51 participants = 816 segments) were
extracted from the sound files. The target phonemes
were then annotated phonetically. In the annotation,
coders distinguished between target-like production
(i.e., as an L1 speaker of Iberian Spanish would do)
and several non-target options (for /θ/: /s/, /z/, or
‘other’; for /u/: /y/, /ə/, /ʏ/, or ‘other’). All extracted
phonemes were annotated by two phonetically trained
coders, with an overlap in coding of 50%. The interrater reliability was good, ĸ = .820, p < .001. For the
current analysis, we only distinguish between ontarget versus non-target productions, collapsing data
across the non-target options. This further improved
interrater reliability, ĸ = .900, p < .001.
Annotations for the same items were then compared between T1 and T2, and we coded whether the
participant was able to produce the target phoneme at
T1, but not anymore at T2 (1), was not able to produce
the target phoneme at either T1 or T2 (2), was able to
pronounce the target phoneme at both T1 and T2 (3),
or was unable to produce the target phoneme at T1,
but able to do so at T2 (4). We distinguished between
progress (i.e., (4)), where the participant learned to
produce the target phoneme), and no progress (i.e.,
(1), (2), and (3)). Chi-square analyses were used to
analyse whether training modality affected target
phoneme production.
3. RESULTS

2.4. Procedure

The experiment took place in a sound-proof booth to
minimize distractions. Participants signed a consent
form, and then took part in the experiment, which was
self-paced. Written and verbal instructions were
given, followed by a practice sentence and the opportunity to ask questions. Participants were then asked
to read out the sixteen Spanish sentences into a microphone (T1). They were allowed to repeat the sentence until they were satisfied with their production;
the final attempt was used for analysis. After T1, a
language background questionnaire was administered
and after receiving one of the four types of training,
participants reread the same sentences as during T1,
albeit in a different order (T2). The audio produced
by participants during T1 and T2 was recorded, and
production of the target phonemes was analysed with
Praat (version 6.0.43, [2]). The entire experiment,
with the exception of the Spanish sentences, took
place in Dutch.
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The analysis of the results for on-target /u/, i.e., using
only those productions coded as (4), revealed no
significant association between training condition
and progress, χ2(3) = 6.679, p = .083. Yet, the highest
proportion of learning was obtained in the AV-I
training, especially compared to the AO condition,
suggesting that for acquiring /u/ the AV-I condition is
most helpful (Figure 4). Inspection of the frequencies
of the results coded as (1), (2) or (3) show that in
64.6% of all cases, participants already produced the
/u/ correctly at T1, continuing to do so at T2 (vs. the
31.3% of all cases in which participants produced the
/u/ off-target at T1 and on-target at T2).
The chi-square analysis for target production of /θ/
showed a significant association between training
condition and progress, χ2(3) = 9.155, p = .027. The
progress in the AV-P and AV-I conditions differed
significantly from the expected values. The analysis
revealed that within the AV-P condition the proportion of cases with progress (37%) was significantly
higher than the proportion of cases without progress
(20%). In other words, it appears that for the
acquisition of /θ/, the AV-P condition is particularly

helpful, while the AV-I condition is particularly
harmful. Interestingly, inspection of the frequencies
of the results coded as (1), (2) or (3) show that in the
case of /θ/, in the majority of all cases (64.5%),
participants never learned to produce the /θ/ correctly
(vs. the 34.5% of all cases in which participants did
learn to produce the /θ/ on-target between T1 and T2).
This suggests that this phoneme is particularly
challenging for L2 learners, in contrast to /u/, which
appears to be substantially less challenging.
Figure 4: Percentages of successful /u/ (left) and /θ/
(right) acquisition, separated by training condition.

4. DISCUSSION
The aim of this study was to determine whether instruction modality affects L2 learners’ production of
non-native phonemes during a reading task. We
expected that audio-visual information would be
more beneficial than only audio during training (H1),
that showing gestures in training would be more
beneficial than providing audio-visual information
without gestures (H2), and we aimed to determine
whether the type of gesture used during training
(iconic or pointing) matters. Results show that adding
the visual modality to L2 phoneme training generally
leads to more on-target productions by L2 learners,
corroborating H1. Although there was no significant
association between training condition and progress
for the /u/, the descriptives suggest that all visual
conditions yield higher proportions of learning than
the AO condition. For the /θ/, there was a significant
association between training condition and progress,
and the descriptives imply that both the AV and AVP condition generate higher proportions of learning
than the AO condition but the AV-I does not.
Concerning H2, results differ across phonemes: For
the /u/, the descriptives suggest that using an iconic
gesture in AV training improves phoneme production
while using a pointing gesture does not. Conversely,
for the /θ/, adding a pointing gesture to the AV
training improves phoneme production, while using
an iconic gesture actually generates lower proportions
of learning. These findings support the idea that while
audio-visual information in general, and gestures in
particular, are beneficial in grapheme-to-phoneme
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training, the type of gesture that is most beneficial is
phoneme-dependent.
These findings might be explained by the fact that
/θ/ appears to be more challenging for L2 learners
than /u/, irrespective of the training learners received.
Unexpectedly, learners often already produced the /u/
on-target at T1, making it impossible for progress to
take place. Also, the /θ/ does not exist in the Dutch
phoneme inventory, which could have obstructed its
successful acquisition by L2 learners after only one
training session. The fact that the use of an iconic
gesture in phonemic training is not beneficial when
the target segment is particularly difficult for learners
corroborates previous work reporting that the use of
iconic gestures in phonetic/ semantic training benefits
L2 word learning, but only when the phonetic
demands of the target words are low [16]. Similarly,
prior work showed that seeing lip movements with
speech helped L2 learners to make phonemic
contrasts, but adding (here metaphoric) gestures to
audio-visual training actually impaired learners [10].
In addition, it should be noted that as the /u/ is present
in the Dutch phoneme inventory, while the /θ/ is not,
progress in the /u/ context might reflect participants’
knowledge of the grapheme-to-phoneme conversions
rather than the target phoneme acquisition.
The chi-square analysis shows that the use of
pointing gestures in training is just as beneficial (in
the case of /u/), if not more beneficial (in the case of
/θ/), for L2 segment production than the use of iconic
gestures. Thus, maybe providing a gesture that merely
directs the learner’s attention to the phoneme’s articulation is more beneficial than providing a gesture that
also provides information about specific details of the
phoneme articulation. This may not be that surprising
given that iconic gestures are typically related to
speech at the semantic, and not the phonetic, level
[13]. Having said this, future work might focus on
other phonemic contrasts, while also controlling
whether the L2 segment exists in the L1 inventory.
In sum, gestural training appears to stimulate L2
phoneme learning and can thus be considered a useful
tool in L2 classrooms, but more research is needed to
determine which type of gesture is to be used
depending on the segment under acquisition. In addition, it remains to be determined whether non-target
acoustic realisation of phonemes also affects L1 perceptions of L2 learners’ speech, e.g., with respect to
measures of accentedness, comprehensibility, and/or
intelligibility. If instruction modality affects not only
phoneme production, but changes in phoneme production in turn also affect the way in which an L2
learner is perceived by L1 speakers, this would lend
support to using a multimodal approach, one
including gestures, in the L2 classroom.
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ABSTRACT
This work investigated the role of multimodality and
relationship between interlocutors in perception of
Mandarin praising and blaming attitudes. The
perceptual experiment found that the differences of
accuracy between praising and blaming attitude
were larger in friendly relationship than that in
hostile. Moreover, praising attitude was identified
better in audio channel than that in visual channel,
while blaming attitude was discriminated more in
visual channel than that in audio channel. This
suggests that the hostile relationship between
interlocutors was conveyed mainly by facial
expression, either in praising or blaming speech.
Keywords: multimodal speech perception, speaker
relationship, attitude, praising, blaming.
1. INTRODUCTION
Although there have been a number of studies on the
processing of emotions, little has been known about
how the audio and visual channels contribute to the
perception of social affects such as praising and
blaming. Moreover, while most studies of emotions
and social affects are focused on English, French, or
Japanese, there are fewer studies on Mandarin.
Therefore, this work is aimed to the perception of
Mandarin attitudinal speech.
The perception of attitudinal speech is affected
by many factors, such as sentence length, modality,
and linguistic background of the listener. Lu et al. [6]
found that sentence length could affect the
identification rate of attitudes in Mandarin: the
shorter sentence leads to the lower perceptual
identification rate, except for the infant-directed
speech. The effect of sentence length was also found
in Japanese [10], though less regular. Gu et al. [4]
found that the valence of attitudes also played roles
in the perception of Mandarin attitudes. They
reported that the positive attitude had more accuracy
than the negative attitude only in the praisingblaming pairs. On the contrast, other attitude pairs,
such as friendly-hostile, polite-rude, serious-joking,
and confident-uncertain had a higher accuracy in
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negative than positive. Apart from these linguistic
factors referred in previous studies, non-linguistic
cues, like the role of relationship of interlocutor, has
received less attention, where we just want to focus
on.
Many studies of attitudes have been conducted
(cf. [1, 2, 8]), including some cross-linguistic studies
(cf. [11]), but most studies only dealt with the audio
modality. Different modalities of stimuli can also
change the result of perception. Specifically, audio
and visual signals can transmit speech and facial
expression about affects. When listeners identify
attitudes, they can use different modalities to make a
decision, like tone of voice, facial expression, and
body gesture.
de Moraes et al. [3] investigated the role of
multimodality in the perception of Brazilian
Portuguese attitudes. Their results showed that for
propositional attitudes, audio and visual modalities
were equivalent, except for irony, while for social
attitudes, audio played a less important role,
receiving significantly lower scores than audiovisual and visual for all attitudes except seduction
and politeness. Also, Hönemann et al. [5] found that,
in German, audio played more important roles than
audio-visual modality in declarative sentence and
irritation.
The aim of this work is to study whether the
relationships between interlocutors can influence the
multimodal perception of praising and blaming
attitudes in Mandarin speech. In the present study,
we only examine one relationship between
interlocutors, i.e., friendly and hostile. When speaker
and listener are friendly, we called praising attitude
as friendly praising while the blaming speech as
friendly blaming. When speaker and listener are
hostile, we called praising attitude as hostile praising
while blame speech as hostile blaming. So totally,
we discuss these four speech styles (2 relationships *
2 attitudes) to investigate the role of speaker
relationship in the multimodal perception of praising
and blaming Mandarin speech.

Figure 1: Recording setting.

2. SPEECH MATERIALS
2.1. Speakers

Twelve Mandarin-speaking undergraduate students
(6 M and 6F) from Nanjing Normal University
participated in speech recording. Their mean age
was 21.6 years (SD = 0.3). All speakers majored in
broadcasting, and had some experiences in art
performance, so they were expected to express very
typical attitudes. All speakers received reasonable
payments for their recording.
2.2. Materials

3. PERCEPTION EXPERIMENT

We designed twelve sentences, each of which had a
conversational background and dialogues for each
speech styles, so that speakers can immerse
themselves in an affective situation and perform
nearly natural and real affects. Here are some
examples of target sentences:
“头一次见到像你这么刻苦的人！” (“I have
never seen a person who works harder than you!”)
“ 你 真 是 见 多 识 广 啊 ！ ” (“You really have
wide knowledge and experience! ”)
2.3 Recording procedure

Prior to recording, all speakers were explained for
these four speaking styles, and they had enough time
to familiarize with the materials. During the
recording, speakers sat in front of a display in a
soundproof room, as showed in Figure 1. There was
a cardioid microphone (Neumann U87Ai) placed 40
cm from their mouth for recording. The microphone
was connected to an audio interface RME Fireface
800, which was connected to a computer outside the
soundproof room.
There were also two cameras behind the display
for video capture. One was an HD webcam
(Logitech C310), collecting the interlocutor’s face to
make a face-to-face online conversation. The other
was a professional video recorder (HDR-PJCX510E),
collecting the speaker’s facial expression.
Hand claps between each recording blocks
recorded both by the camera and the microphone,
allowed a post-processing that replacing the camera
sound with the high-quality sound recorded by the
Microphone, synchronize with the claps in Adobe
Premiere 2.1.
All sound clips were recorded at 44.1 kHz, 16
bits, mono track, and all video clips were encoded
with a 784 * 576 pixels’ resolution, MPEG-4 coded
format and 50 frames per second in AVI files.
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3.1. Listeners

Sixteen Mandarin participants (8M and 8F) were
recruited to the perceptual experiment. They were all
graduate students at Nanjing Normal University,
with mean age of 24.9 years (SD = .94). All of the
listeners had normal hearing and no experiences on
performance. They were reasonably paid for their
participation.
3.2. Experimental procedure

Perceptual stimuli modalities had three conditions,
namely audio-only, visual-only and audio-visual,
presented by E-Prime 2.0. Each condition had 576
stimuli (12 speakers * 12 sentences * 4 speech
styles). All stimuli were randomized within speakers
for three conditions.
All participants were explained for the meaning
of this four speaking styles, and took part in a
practice test before the formal experiment to make
sure that they had understood the perceptual task. In
order to eliminate the disturbances among three
modalities, all subjects listened audio-only and
watched visual-only stimuli on the first day, then
watched audio-visual stimuli almost at the same time
on the second day.
After each stimulus was presented, the
participants had five seconds to make a forced
choice among five labels (“Friendly Praising”,
“Hostile Praising”, “Friendly Blaming”, “Hostile
Blaming”, and “I don’t know”). The next stimulus
would be presented if subjects made a choice or five
seconds passed.
3.3. Statistical analysis

The rate of identification was analysed using the
repeated-measured ANOVAs in SPSS 20.0. When
there was a significant effect, a Bonferroni post hoc
was further conducted for multiple comparison.

Before ANOVAs, we conducted a Friedman
test for between-subject reliability, and it showed
that there was no difference (Chi-square = 15.475, p
= .162) among subjects. Then, we conducted an
ANOVAs analysis with modalities, relationships
(friendly, hostile) and attitudes (praising, blaming)
as within-subject factors, gender as the betweensubject factor to investigate how the speaker
relationship affected multimodal perception of
praising and blaming.

Figure 3: The mean and the standard error of
identification rates for relationships in three modalities.

4. RESULTS
Confusion matrix for perceptual accuracy of four
speaking styles by 16 participants was provided as
Supplement data. According to the ANOVA analysis,
Modality interacted with speech style significantly
(F (6, 84) = 7.131, p < .001, η2 = .337). Pairwise
comparisons revealed that, as showed in Figure 2,
friendly praising; hostile praising and hostile
praising all had the had the lowest accuracy (72.9%,
51.2%, and 34.8%, respectively) in visual-only
modality, while hostile blaming had the lowest
accuracy (31.9%) in audio-only modality. Moreover,
the accuracies in audio-visual were significant
higher than that in audio only and visual only for
friendly praising, hostile praising and friendly
blaming, except for hostile blaming, where there was
no significant difference between visual-only
(47.4%) and audio-visual (54.9%).
Figure2: The mean and standard error of identification
rates for speaking styles in three modalities.

the hostile relationship had a higher identification
rate in visual-only than that in audio-only.
Modality also interacted with attitude
significantly (F (2, 28) = 9.742, p < .001, η2 = .41).
Post hoc analysis showed that the accuracy of
praising in audio-only (69%), visual-only (62.1%)
and audio-visual (78.8%) were significantly
different between each other. Similarly, the
accuracies of blaming in audio-only (34.7%), visualonly (41.1%) and audio-visual (52.9%) also showed
significant difference between each other, even
though the differences between audio-only and
visual-only were marginally significant (p = .082).
More importantly, as showed in Figure 4, the
praising had significantly higher accuracy in audioonly than in visual-only, while the blaming had
marginally higher accuracy in visual-only than that
in audio-only.
Figure 4: The mean and the standard error of
identification rates for attitudes in three modalities.

Modality and relationship had a significant
interaction effect (F (2, 28) = 7.825, p < .05,
η2= .359). As showed in Fig. 3, the identification
rates of both friendly and hostile relationships in
audio-only (59%, 44.7%) and visual-only (53.9%,
49.3%) were significantly lower than in audio-visual
(70.7%, 60.9%), but the difference between audioonly and visual-only was not significant.
Remarkably, the friendly relationship was identified
better in audio-only than that in visual-only, while
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There was also a significant interaction effect
between relationship and attitude (F (1, 14) = 96.268,
p < .001, η2 = .873). As showed in Fig. 5, the
difference in identification rates between praising
and blaming was significantly larger in friendly
(40.4%) relationship than that in hostile (13.7%).

Modality, relationship and attitudes had a
significant three-way interaction effect (F (2, 28) =
3.928, p < .05, η2= .219) on accuracy. Pairwise
comparisons revealed that when the relationship of
interlocutors was friendly, as showed in Fig. 6, the
Figure 5: The mean and the standard error of
identification rates for relationships and attitudes.

accuracy in audio-visual was significantly higher
than that in audio-only and visual-only, both for
praising and blaming. In addition, the blaming was
identified better in audio only than that in visual
only, while there was no difference for praising
attitude.
Like friendly, when the speaker relationship
was hostile, as showed in Figure 6, the accuracy in
audio-visual was significantly higher than that in
audio-only and visual-only, for both praising and
blaming. Moreover, the blaming attitude was
identified better in visual only than audio only, while
there was on significant difference for praising.
Figure 6: The mean and the standard error of
identification rates for attitudes in three modalities.

that the audio channel had advantages on recognition
of friendly praising, hostile praising and friendly
blaming while visual channel had advantages on
recognition of hostile blaming. The reason may be
that hostile blame in our stimulus, which was same
as sarcasm, had inconsistent prosody and literal
meaning, so that receivers need more contextual
information (like facial expression) to verify.
The listeners identified different relationships
and attitudes through different modalities. The
positive relationship (friendly) and attitude (praising)
were better identified in the audio channel than in
the visual channel, while the negative relationship
(hostile) and attitude (blaming) were better
identified in the visual channel than in the audio
channel. This may be because the speakers tend to
express positive information by means of speech
prosody and express negative information by facial
expression.
We also found that the speaker relationship
affected the recognition of attitudes. When the
relationship was friendly, praising had a higher
accuracy in audio-only than in visual-only. In
contrast, when the relationship was hostile, praising
had a higher accuracy in visual-only than in audioonly.
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ABSTRACT
The purpose of the present study was to examine the
influence of lexical stress on formant values (mainly
F1 and F2) in spontaneous Hebrew speech. Speech
samples taken from a Hebrew version of the wellknown Map Task dialogues were analysed,
comparing stressed/unstressed vowels in wordfinal/non-final positions. The results showed that
lexical stress has a different effect on the different
vowels. Of the five vowels in the Hebrew vowel
system, the vowels /a/ and /e/ were most clearly
affected in a consistent manner across men and
women. Similar behaviour was observed for both
vowels: in word-final position the vowels were
centralized similarly, regardless of stress. In non-final
position, the unstressed vowels were significantly
more centralized than their stressed counterparts.
Keywords: lexical stress,
Hebrew, spontaneous speech.

formants,

duration,

1. INTRODUCTION
Lexical-stress is a phonological phenomenon that
exists in many spoken languages. Correct
identification and proper use of lexical stress is of
great importance for maintaining effective
communication [11]. Hebrew is a lexical stress
language in which stress plays a distinctive role. This
is evident in minimal pair cases in which pairs of
words are distinguished solely on the basis of primary
stress position (e.g. [ˈoxel] ‘food’ vs. [oxˈel] ‘he is
eating’).
Lexical stress is one of the prosodic characteristics
of Hebrew grammar, and phonological studies on the
Hebrew stress system contributed over the years to its
consolidation (inter alia, [1], [5], [6], [9], [17], and
[20]). Briefly, Hebrew is an example of a language in
which the stress rhythm is an alternation of strongweak syllables, with major tendency of word-ﬁnal,
quantity-insensitive iambic. [10] found that 91.5% of
the disyllabic words and 88% of the trisyllabic words
in a standard Hebrew dictionary have final (ultimate)
stress; [20] found that 84% of the nouns have final
stress, compared to [9] who found this to be 86.8%;
In a child directed speech study, [17] found that the
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most frequent stress pattern is the final one. It should
be noted also that the assignment of stress does not
seem to be aﬀected by heaviness of syllables and
there is no phonemic contrast between full and
reduced vowels in strong versus weak syllables ([1],
[5], [17]). Thus, the Hebrew vowel system consists of
five vowels: /i, e, a, o, u/.
Over the years, many production and perception
studies have been conducted on the subject of lexical
stress in different languages, many of them
attempting to find the acoustic correlates of stress.
The three main acoustic characteristics examined in
such studies are duration, intensity and fundamental
frequency (f0). A fourth, often overlooked feature is
related to the quality of vowels, i.e. changes in the
formant values ([13], [14]). In general, all four cues
can potentially be used in the production of the lexical
stress, but the way these cues are weighted varies
from language to language [8]. In Hebrew, it was
found that duration is the most significant cue in
producing stress, as compared to intensity and f0,
which play a negligible role [19]. The effect on
formants, however, has not yet been studied
sufficiently.
A common assumption is that vowels in stressed
syllables are pronounced in a more prototypical
fashion, and therefore the formant values of such a
pronunciation are considered as a reference form. Fry
[14] was the first to examine how English vowel
quality, as reflected in F1 and F2, is related to stress
perception, using synthesized speech, however, he
found this cue very negligible (similar findings are
reported in [15] and [21]). Unstressed vowels, on the
other hand, are assumed to be pronounced in a
careless manner and are often omitted. This
phenomenon is called "vowel reduction", and is
phonetically defined as a process that causes
unstressed vowels to be more central and neutral and
to sound like a schwa [ə]. It should be noted that the
schwa in Hebrew is not phonemic. But we will
nevertheless expect to see the formants values of
unstressed vowels converging and approaching the
center of the vowel space. Phoneticians often refer to
reduced vowels as a "reduction in vowel quality,"
while phonologists often describe the phenomenon of

vowel reduction as a "swapping" of full vowel by the
Schwa [ə] [24].
In Hebrew, Tzenker and Amir [23] found acoustic
reduction in unstressed Hebrew vowels in
spontaneous speech. Their results are twofold: First,
that the vowel space of the unstressed vowels is
smaller and more central than that of the stressed
vowels; Second, that there is a displacement of the
unstressed vowels in the F1 dimension into a higher
position in the formant space, compared with the
stressed vowels, especially for /a/. However, their
study lacks phonemic balancing and therefore makes
it difficult to draw general conclusions.
2. RATIONALE AND OBJECTIVES
In the current study, we examined the effect of lexical
stress on the first and second formants in Hebrew
speech. In addition, we wished to take into account
two additional factors that can possibly affect the
results: Genre: Planned/read speech vs. spontaneous
speech; and Position in the word: non-final vs. wordfinal syllable.
Our hypotheses are:
1. In each of the vowels, unstressed vowels will be
more central than stressed vowels.
2. Vowel space in spontaneous speech will be more
central than the one found for read monosyllabic
words [16], which is currently considered the
standard Vowel space of Hebrew.
3. In each of the five vowels there will be a
difference between the formant values of a
stressed/unstressed syllable in non-final word
position compared to a stressed/unstressed
syllable in final position.
3. METHODS
3.1. Corpus

Most of the above-mentioned studies used planned
speech stimuli rather than spontaneous speech.
Moreover, all published research on Hebrew phonetic
correlates of stress were carried out on planned or
read speech. In the current research, our aim was to
analyze spontaneous speech, albeit in a contrived
setting. This is a reasonable and often used
compromise between the desire for "in the wild"
spontaneous speech on the one hand, and a controlled
setting enabling high quality recordings on the other
hand.
In this study, we used recordings from the Hebrew
Map Task database [3], also called Map-Task Corpus
of the Open University of Israel (MaTaCOp). The
Map Task corpus was designed by [2], and is a corpus
containing high-quality audio recordings designed to
stimulate unscripted dialogues with a likelihood of
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spontaneous linguistic phenomena occurring in
spoken language.
In each session two speakers sat in chairs 80 cm
apart, wearing head-mounted microphones. Each
speaker was recorded on a separate channel of a
stereo recording. Several measures were taken to
minimize background noise and ensure the quality of
the recordings: Clipboards were distributed to the
participants to enable them to write in a convenient
manner and to minimize the noise resulting from
shifting papers. Air conditioners and computers in the
room were turned off; windows and doors closed;
carpets were placed under the chairs to reduce
movement noises; microphones were placed close to
the mouth but not touching the face. The recording
device was a ZOOM H4n, using a sample rate of
96,000 hz, at 24 bit sampling depth, with no
compression. Of the 32 MaTaCOp dialogues, we
chose 25 recordings with native Israeli Hebrew
speakers, having no fluency or speech disorders. In
total, we examined 23 speakers (14 women) that were
born in Israel, ages from 29 to 65 years (average:
43.7, SD 9.5).
3.2. Annotation process

All vowels in words comprised of two syllables or
more, that were uttered in the middle of an utterance
(not as first word or last word of the utterance) were
annotated. Another inclusion criteria of words was
that they were content words: Nouns, adjectives,
numbers, verbs, modifiers (e.g., "a lot", "more"),
inflected verbs (e.g., [tikax] take.FUT.2sg.masc.
'take'), nouns or adjectives containing clitics ([ha-har]
'the mountain', [l-a-masait] 'to the truck'),
We excluded function words, auxiliary verbs
(such as [tsarix] 'should', [yaxol] 'can'), words in
questions, WH-question words, and loan words.
In this work, we classified the vowels into four types:
1. Stressed vowel in non-final syllable (such as /o/
in /órex/ 'length')
2. Unstressed vowel in non-final syllable (such as /i/
in /minzár/ 'monastery')
3. Stressed vowel in final syllable (such as /a/ in /
minzár/ 'length')
4. Unstressed vowel in final syllable (such as /e/ in
/órex/ 'length').
The rationale behind the "final – non-final"
dichotomy is based on [22], who found that the
degree of reduction depends on the position of the
syllable in the word, albeit in English. F1 and F2 of
vowels in initial position were found closer to the
prototypical values as compared to vowels in final
position, which underwent stronger reduction.
Moreover, as mentioned earlier, the dominant
Hebrew stress pattern is the ultimate (i.e. final

pattern). We therefore decided to address final stress
and non-final stress as two separate categories.
3.3. Vowel Database

For each speaker, the database was intended to
contain two different words for each vowel in final
and non-final positions, in stressed and unstressed
conditions. Thus, the database was planned to consist
of: 23 Speakers X 2 Words X 5 vowels X 2 Positions
(final / non-final) X 2 stress conditions (stressed /
unstressed) = 920 words in total.
Certain vowels are rare in Hebrew (see [18] on the
frequency of phonemes in Hebrew), and in case of
certain word positions even more rare. Thus, the final
database contained 887 words. Table 1 presents the
number of times that each stressed or unstressed
vowel appears in a final and non-final positions. It
shows that there were more representations of the /a/
and /e/ vowels, slightly less of the /o/ and /i/ vowels,
and the least frequent is /u/ (This frequency scale is
similar to the relative frequencies of vowels that were
found in [18]).

Looking at figures 1 and 2 some general trends can
be observed. For women, the vowel spaces found here
are all more centralized than the vowel space in [16],
whereas for men this is much less obvious. No overall
trend for centralization of all unstressed vowels can
be seen. However, two quite obvious and consistent
trends (across gender) between stress and vowel
position are found for /e/ and /a/: in both cases, stress
appears to have little effect for vowels in word final
position (dashed lines), but a major effect for vowels
in non-final position (dotted lines). Extensive
statistical analyses were carried out on this data,
however in the following sections we present only the
results that were consistent across gender.
Figure 1: Women’s vowel spaces for all the four
conditions examined here, together with the vowel
space of planned speech as reported in [16].

Table 1: Frequency data for the different vowels
Vowel condition

/a/

/e/

/i/

/o/

/u/

Total

Stressed/non-final

50

52

39

41

9*

191

Unstressed/non-final

54

50

53

49

51

257

Stressed/final

54

47

53

48

49

251

Unstressed/final

52

50

26

44

16*

188

Total

210

199

171

182

125

887

Figure 2: Men’s vowel spaces for all the four
conditions examined here, together with the vowel
space of planned speech as reported in [16].

3.4. Formant extraction
Formant extraction was performed through
downsampling and applying Linear Predictive Coding
(LPC) (in the same manner used by Praat [4]). This was
applied to 30-50ms frames, from the centre of each
vowel, judged visually to be stationary. The first two
formant frequencies were identified as the frequencies
of the first two conjugate pole pairs obtained from this
analysis. Generally, the results of this type of analysis
may vary considerably when applied automatically,
depending on sampling rate and order of the LPC
algorithm. Therefore, we performed a manually
supervised analysis of each vowel separately using
MATLAB tool that was designed for this task. It is
noteworthy that none of the vowels were reduced to the
point of not being amenable to analysis.

4. RESULTS

4.2.

4.1. Comparing overall vowel spaces

Figure 1 and Figure 2 present the vowel spaces for
women and men respectively. For reference, we also
included what are considered the prototypical values
for Hebrew, from [16].
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Analysis of /a/

Analysis of variance with repeated measures was
performed over F1, for men and women separately,
with Stress and Position as within-subject factors.
Results were as follows:
Men: A main effect was found only for Stress (p
= 0.005). No main effect was found for Position, nor

was there a significant interaction. Two Further t-tests
compared F1 values of stressed vs. unstressed vowels,
separately for final and non-final positions, revealing
a significant difference between stressed and
unstressed only in the non-final position (p=0.019),
with higher values for the stressed condition.
Women: A main effect was found only for Stress
(p < 0.001). No main effect was found for Position,
nor was there a significant interaction. Two Further ttests compared F1 values of stressed vs. unstressed
vowels, separately for final and non-final positions,
revealing a significant difference between stressed
and unstressed in both positions (p=0.001, p=0.006).
Again, higher values were found in the stressed
condition.
Figure 3: F1 values for /a/, for men and women
800
Men
Women

600

F1

Hz

700

500

400
stressed/non-final

unstressed/non-final

stressed/final

unstressed/final

4.3 Analysis of /e/

Analysis of variance with repeated measures was
performed over F2, for men and women separately,
with Stress and Position as within-subject factors.
Results were as follows:
Men: A main effect was found only for Stress (p
= 0.012). Higher values in stressed vowels. A strong
Stress*Position interaction (p=0.005). As above,
further t-tests revealed a significant difference
between stressed and unstressed conditions only in
the non-final position (p=0.005).
Women: A main effect for Position (p=0.01) and
a marginal effect for Stress (p=0.057). No interaction
was found. Again, as significant difference between
stressed and unstressed conditions was found only in
the non-final position (p=0.027).
Figure 4: F2 values for /e/, for men and women
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5. DISCUSSION
Regarding our three hypotheses, we did not find
evidence that all unstressed vowels are more central
than all stressed vowels. As for the second
hypothesis, we found that only women's formant
values of all vowels in spontaneous speech are more
central than the formant values found for read
monosyllabic words. The third hypothesis was that in
each of the five vowels there will be a difference
between the formant values of a stressed/unstressed
syllable in non-final word position compared to a
stressed/unstressed syllable in final position. Here we
found difference only for two vowels – /a/ and /e/.
Indeed, the most consistent effects observed above,
and supported by the statistical analysis, point to the
fact that in Hebrew the first two formants of /a/ and /e/
are affected in a similar manner by lexical stress.
However, the effect of stress is strongly dependent on
position in the word. In the word-final position, both
vowels are more centered, to the same degree,
regardless of whether they are stressed or not. This is
reflected in F1 for /a/, and F2 for /e/. In non-final
position, however, the centralization depends strongly
on stress: Stressed vowels are weakly centered, if at all,
whereas non-stressed vowels are more strongly
centered. Again, this is reflected in F1 for /a/ and F2
for /e/. According to [12], reduction will be expressed
first in the height of the vowel (F1 values), prior to
contrasts of backness or lip rounding. [12] claims that
this happens because the production of low vowels is
more difficult in unstressed syllables. Indeed, we see
more change in F1 values in the lower vowel (/a/) than
in the higher vowels. It can also be claimed that "for
the sake of the vowel system" in Hebrew, only /a/ can
undergo F1 reduction without losing its phonemic
contrasts, while in the other Hebrew vowels phonemic
contrast will be endangered. As for F2 reduction in /e/
and not in other vowels, this can be explained by the
fact that when the Hebrew orthographic Schwa
represents a vowel, it is always realized as [e] in
Modern Hebrew speech [7].
6. CONCLUSIONS
In spontaneous Hebrew speech, lexical stress has a
different effect on the different vowels. The effect on
/a/ and /e/ is most consistently observable. When in
word-final position, both are reduced to the same
degree, regardless of lexical stress. In non-final
position, reduction becomes highly dependent on
stress, with stronger reduction in the unstressed case.
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ABSTRACT

2. METHOD

Tshivenda, a southern Bantu language, has a contrast
between dental and alveolar nasals, also distinguished
in the orthography. This study reports results from
analyses of this nasal place contrast produced by eight
speakers. Video recordings show that dental nasals
are produced with the tongue protruding interdentally,
while alveolar nasals do not have such protrusion.
The production difference is also found in the
measurement of locus equation, where the onset and
the midpoint of F2 is measured. Perception results
reveal that native listeners perceive the difference
between dental and alveolar nasals.
Keywords: Tshivenda, nasal, alveolar, dental, locus
equation, perception
1. INTRODUCTION
Tshivenda (S20, [4]) is a southern Bantu language
spoken as an official language in Limpopo, South
Africa. Tshivenda is also spoken in the southern part
of Zimbabwe. The contrast between dental and
alveolar in Tshivenda coronals (nasals, liquids,
plosives) is reflected in the Tshivenda orthography by
adding a circumflex below the alveolar symbol:
alveolar [n] vs. dental [ṋ]. This type of place contrast
in the coronal region is rare and only few other
languages (e.g. Mapudungun [1], an Araucanian
language spoken in central Chile) are reported to have
this contrast.
While the Tshivenda sound system is documented
impressionistically in a dictionary [10] as well as a
grammar [7], there is a gap in detailed phonetic
studies except [7] and [8]. This paper explores the
details of the place contrast in coronal nasals: dental
versus alveolar. Three minimal pairs are shown below
in (1), where dental nasals are shown with a
circumflex:
(1) Minimal pairs (from [10])
[ṋaŋɡa] ‘flute’
[nanga] ‘choose’
[ṋeŋɡa] ‘sneak away’ [nenga] ‘sneak’
[ṋiŋɡa] ‘punch’
[niŋɡa] ‘hit sideways’
Warmelo’s dictionary mark the contrast quite clearly,
but it has not been clear what acoustic properties are
part of this contrast. The current study thus explored
how the two types of coronal categories are
distinguished acoustically, articulatorily and
perceptually.
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The data reported is based on the fieldwork in
Thohoyandou, Limpopo, South Africa, which was
conducted in July and November of 2018.
2.1. Speakers
Eight native speakers (5 female and 3 male) of
Tshivenda participated in the recording session. They
were all university students majoring in the
Tshivenda language. All the speakers spoke English
in addition to Tshivenda. Some speakers had basic
knowledge of Isizulu, Sepedi or Xitsonga. The age
ranged from 21 years old to 27 years old. Before the
recording session, consent forms and demographic
questionnaires were collected from each speaker.
Each participant was compensated for their time (100
South African Rand).
2.2. Recording
Within each recording session, each speaker read (i)
target words in a frame sentence ndi a vhala X hafha
‘I read X here.’, and (ii) each nasal in intervocalic
position. The acoustic recording session was also
accompanied by a video recording of the area
surrounding the mouth. After the recording session,
participants were asked to validate a list of stimuli and
identify the words that they actively use with other
Tshivenda speakers. The validation test tells us about
the effect of lexical knowledge, and the video
recordings shows the presence of the protrusion of the
tongue. Acoustic analyses proceed after this
validation because the similarity in the acoustic signal
makes it difficult to assess the acoustic characteristics
of the contrast without visually examining the
contrast from the video recordings. The order of the
target words was randomized, and the speakers
repeated the list seven times. All the recording was
made using a TASCAM recorder (DR100-MK). The
stimuli were presented in the Alphabetic script using
Powerpoint on a Macintosh computer. The target of
the recording session included 18 dental nasals and
16 alveolar nasals. The current analysis pools data
from across different vowel context.
2.3. Validation test and video results
We conducted item validation test based on a selfreport by asking whether a participant actively uses a

particular word with other Tshivenda speakers. The
results in Figure 1 show that not all words were
known to participants (see Appendix for list). For an
item to be included in further analyses, we used two
inclusion criteria: (a) a participant actively uses more
than 25 items in the stimuli set, and (b) an item is
actively used by more than half of the participants (i.e.
four). Since lexical knowledge may affect phonetic
realization (cf. [2], [3]), the validation test was
important to know the effect of unknown words
simply read based on spellings.

The feature of dental nasals in Tshivenda is tongue
protrusion between the teeth. Two trained annotators
recorded whether tongue protrusion was present or
not using visual examination. Figure 2 shows results
of the video analysis. A black bar means no tongue
protrusion and a gray bar means that a token is
produced with tongue protrusion. As expected, most
alveolar tokens are produced with no tongue
protrusion (see VEN014, VEN015, VEN016, and
VEN017). Six speakers produced majority of the
dental nasals with tongue protrusion (the interrater
reliability was high (over 96%)). VEN017 and
VEN019 do not use tongue protrusion in the
production of dental nasals, so their results were
excluded from further acoustic analyses. Coupled
with the results of the validation test, the rest of this
paper analyzes data from four participants who knew
more than 25 words from the list, and who
consistently protruded tongue for dental nasals in the
video recording.
2.4. Perception test
The place contrast in nasal coronals is hard to
disthinguish. As such, we also conducted a perception
test with eleven listeners of Tshivenda, which was
designed to investigate meta-linguistic awareness of
the dental vs alveola contrast. Participants were asked
to judge (i) whether a word in a frame sentence begins
with a dental or an alveolar (120 trials), and (ii)
whether the onset of a syllable begins with a dental or
an alveolar (120 trials). The perception test was run
using Superlab 5 on a Macintosh Computer with two
keys on the keyboard as input method. Listeners wore
a noise-reducing Sennheiser headphone.

(a)

(b)

2.5. Acoustic analysis

Figure 1: Results of the validation test, which were
used to set exclusion criteria (a) by speakers and (b)
by items.

Acoustic analysis for the nasal place contrast was
conducted with locus equation [6], a measurement
reported to distinguish small difference in place
contrast. Locus equation plot the F2 at the onset of a
post-nasal vowel against the midpoint of the postnasal vowel. In Mapudungun [1] and other
Austronesian languages [9], locus equation is shown
to distinguish the contrast between alveolars and
dentals.
3. RESULTS
3.1. Acoustic results
Figure 3 shows the locus equation of dental vs.
alveolar by six speakers. Locus equations (LEs) are
represented based on the F2 value of a vowel
following the target nasal. LE plots the F2 value at the
onset against the midpoint of a vowel following the
target sound. A comparison of locus equations of
alveolar and dental nasals demonstrates that dental

Figure 2: Results of the video evaluation. Black
bars indicate the absence of tongue protrusion, and
gray bars indicate the presence of it. In each panel,
left bar(s) are for alveolars and right bars are for
dentals.
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nasals have lower F2 onset values than alveolar nasals
compared to a F2 value at the mid-point of the vowel.
The effect of dental on LEs is greater in speakers in
the left two columns, but to a lesser degree in the
speakers in the rightmost column.

In the second perception task that was more
challenging, listeners were asked to identify the
contrast intervocalically in the absence of any lexical
cue. Listeners were able to perceive the difference
between dentals and alveolars (t(10)=3.81, p<0.01).
The response bias results were mixed because some
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Figure 3: Locus equation of dental and alveolar nasals.
Different panels show different speakers.

3.2. Perception results
Results from two perception tests from 11 listeners
are reported in table 1, using d-prime values
(sensitivity to a difference) and c values (response
bias). Higher d-prime values suggests that
participants discriminate the difference between
dental and alveolar. The first perception task was
identifying dental versus alveolar onset of a target
word embedded in a frame sentence. Although two
listeners have negative values, suggesting that they
may not have understood the task, when a t-test was
run against the null hypothesis, there was a significant
difference between d-prime and the null hypothesis:
t(10)=3.23, p<0.01. The listeners were able to
perceive the difference between dental and alveolar
place of articulation, with most of them showing a
bias toward dental (as the negative c values show).
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showed bias toward dentals and other showed bias
toward alveolars.
Table 1: D-prime and C scores of eleven listeners
Experiment 1
Experiment 2
Listene Dprime
C
Dprime
C
rs
1
1.421754 -0.32556 1.389128 0.033349
2
0.210428 -0.10521 0.063901 -1.06838
3
0.227663 -0.41057 0.715053 -0.35753
4
0.777748 -0.13553 0.620456 0.030467
5
1.34898
0
1.142847 0.46501
6
-0.34353 0.213555 0.366956 0.247249
7
1.377128 -0.34787 1.067787 -0.23716
8
1.124195 0.221403 0.160907 0.542472
9
-0.17489 0.297874 0.234153 -0.07529
10
0.083652 0.041826 -0.15057 0.117076
11
1.622246 -0.47043 1.498452 0.287207

4. CONCLUSION
The current paper was set out to explore how dental
and alveolar place contrast in Tshivenda nasals is
produced using acoustic and articulatory data. We
also reported results from two identification tasks
where Tshivenda listeners judged the place of
articulation of a nasal. The video validation showed
that speakers differed in how they produce a dental
nasal; two speakers showed no tongue protrusion,
while other six speakers had the protrusion of the
tongue tip between teeth. Acoustic analyses of these
six speakers suggest that difference in the place of
articulation may be captured with locus equation.
An informal comment during the perception test
by a Tshivenda speaker noted that dental nasals are
slightly longer than alveolar nasals. In [5], however,
no durational difference in the nasal signal between
dentals and alveolars was found, suggesting duration
may not be a reliable cue for distinguishing the place
contrast.
Our results show that speakers produce the
difference between dentals and alveolars when they
are prompted with written stimuli. Even so, when
acoustic analyses using locus equations were
conducted, no distinct pattern across speakers were
found. The results of identification tasks
demonstrated that most listeners are able to
distinguish dentals from alveolars, but the bias was
not always identical across listeners.
The place contrast between dentals and alveolars
is an uncommon contrast. This study has shown how
production of this contrast doesn’t result in a
categorical distinction of the two categories. Future
studies are planned for conducting the perception
tasks with listeners of Mapudungun, which also is
reported to have this place contrast [1]. Such a study
would show us whether Mapudungun and Tshivenda
use cues that are comparable when dental nasals are
distinguished from alveolar nasals. This perception
test would also suggest how this hard-to-hear place
contrast is perceived cross-linguistically.

full rain
be wetted by rain
stink
nurse
sneak
you all
become fat

A list of words that are identified as unknown by at
least one participant
Tshivenda
Gloss
ṋálèdzí
star
ṋàngá
flute
ṋínga
punch
ṋúvhedza
immerse
ṋùwà
believe oneself
ṋékana
give one another
ṋétshea
accept
ṋènya
walk stealthily
ṋòṋì
gemsbok
nàpudza
flip a switch
nínga
hit sideways
núnúvhè
larva in cocoon
núsa
feed baby
nùngú
porcupine
nékwa
favorite child
nèmbè
dangle
6. ACKNOWLEDGEMENTS
This work was supported by JSPS KAKENHI Grant
Number 16K02641 to the second author. We thank
Crous Hlungwani, Thomas Davemore and Vicent
Maswanganyi for coordinating the data collection at
the University of Venda, and Akari Sekiguchi for data
processing. We also thank audience members of
LSJ156, Linglab members at ICU and three
anonymous reviewers.
7. REFERENCES
[1] Fasola, C., Painequeo, H., Lee, S. J., Perkins, J. 2015.
Acoustic properties of the dental vs. alveolar contrast
in Mapudungun. Proc. of ICPhS.
[2] Fitzpatrick, J. and Wheeldon, L. 2000. Phonology and
phonetics in psycholinguistic models of speech
perception. In: Burton-Roberts, N. et al. (eds.)
Phonological Knowledge: Conceptual and Empirical
Issues. Oxford University Press. Pp. 131-160.
[3] Fruehwald, J. 2013. The phonological influence on
phonetic change. PhD Dissertation. University of
Pennsylvania.
[4] Guthrie, M. 1967–1971. Comparative Bantu: an
introduction to the comparative linguistics and
prehistory of the Bantu languages. Farnborough: Gregg
Press.

5. APPENDIX: WORD LIST
A list of known words
Tshivenda
ṋánzwa
ṋàmà
ṋìànì
ṋúla
ṋùruwa
ṋènga
ṋótshí
ṋówá
ṋòkà
nánga
nánguludza

nà
nìwa
nùkha
nése
nènga
nóthé
nòna

Gloss
lick
meat
(place name)
take out
peel off skin
sneak away
bee
snake
melt
choose
select
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secondary /Cj CG / contrasts are undergoing attrition
for younger speakers, even in Irish-speaking communities [19].

ABSTRACT
Lip rounding and dorsum backing both lower F2, and
tend to co-occur in speech sounds (e.g. back vowels). This likely reflects contrast enhancement: the
co-occurrence of rounding and backing exaggerates
F2 differences associated with phonemic contrasts.
We investigate this correlation with an articulatory
study of Irish, a language with contrastively palatalized and velarized consonants. We confirm that velarized consonants are realized with additional lip
rounding. However, we find no token-wise correlation between the amount of rounding and dorsum
backing. This suggests that rounding is primarily associated with dorsum backing at an abstract phonemic level, not surface phonetics.
Coronals show weaker velarization in Irish, and
likely recruit cues beyond F2 (e.g. spectral
)
to signal /Cj CG / contrasts. Speakers in our study
show no correlation between the degree of velarization on coronal /CG / and
separation for coronal
/Cj CG /, suggesting that speakers may not compensate for weak velarization with other phonetic cues.

(1)

a.
b.
c.
d.

tuí [tG i:] ‘straw’
tí [tj i:] ‘house (
)’
tús [tG u:sG ] ‘beginning’
tiús [tj u:sG ] ‘thickness’

1.1. The articulation of /Cj CG / contrasts in Irish

Bennett et al. [1], on which the present work builds,
is an ultrasound study of the lingual articulation of
the voiceless obstruents /pj pG tj tG kj kG fj fG sj
sG xj xG / in Irish. These consonants were elicited in
word-initial position preceding the long high vowels
/i: u:/, as in (1) above. (/bG bj / were used in place
of /pG pj / for some items to fill lexical gaps.)
Five native speakers of Connemara Irish (three
male; ages 35-60) participated, and repeated each of
the 24 experimental items 6-8 times each in a frame
sentence. Midsagittal images of the tongue body
were obtained using a portable Terason T3000 ultrasound system with a model 8MC3 probe (58-60fps,
or 1 frame every ∼17ms). The probe was held in
place with an Articulate Instruments ultrasound stabilization headset [25]. Using a time-synchronized
audio recording, the consonant offset in the [#CV]
transition was located for each token, and the ultrasound frame corresponding to that timepoint was extracted. (Palatalization gestures typically peak at C
offset in [CV] contexts, [8, 9].) These ultrasound images were then traced using EdgeTrak [10].
[1] found that tongue body backness systematically distinguished /Cj / vs. /CG / for all consonants
matching in place and manner, in both vowel contexts (1). This is illustrated in Figs. 1-2, which use
a Smoothing Spline ANOVA [4] to summarize the
raw tracings of tongue surfaces for /bG pj tG tj / at
C offset before [i:] for one speaker.
[1] analyzed tongue body position at C offset using principal component analysis (PCA) [5]. PCA
inspects data sets for patterns of covariation between
data points (in this case, the position of points on
a traced tongue surface) and re-expresses those pat-

Keywords: Irish, palatalization, contrast enhancement, ultrasound, cue trading
1. BACKGROUND ON IRISH
Irish (or ‘Gaelic’) is spoken daily by ∼74,000 people
in Ireland. These speakers are heavily concentrated
in Irish-speaking communities on the western coast,
though significant speaker populations are present
in Dublin and other urban areas as well. A much
larger proportion of the Irish population (∼1.75 million) reports at least some ability in the language.
While Irish enjoys a certain amount of state support
in the Republic of Ireland, the language is at risk
of marginalization even in traditional Irish-speaking
communities, thanks to the centuries-long hegemony
of English [16]. We focus here on the variety spoken
in the central-western region of Connemara.
All phonemic consonants in Connemara Irish are
contrastively velarized or palatalized [12], as in (1).
Though a central part of the phonology of Irish, some
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Figure 1: Tongue body position for /bG i: pj i:/ at
b.
C offset for one speaker (lips to right, /pj / dashed).
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Figure 4: Distributions of PC1 (dorsal backness)
values for place x manner combinations at C offset. Overlaid box plots show 25%–75% range,
black diamonds = medians, black lines = means.
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in the language [17].
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1.2. Acoustics of /Cj CG / contrasts

FRONT

A major acoustic correlate of the /Cj CG / contrast in
Irish is F2 at [CV] and [VC] transitions, which is
raised for /Cj / relative to /CG / [13]. Additionally, the
release phase for palatalized stops is longer, more intense, and has higher spectral center of gravity (
)
than the release phase for velarized stops. These differences in release noise are largest for coronal stops,
which tend to be affricated when palatalized. These
acoustic properties closely resemble what has been
reported for other languages with palatalization contrasts, such as Russian [7–9].
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2.1. Lip rounding

Impressionistic descriptions of Irish report a correlation between secondary lingual articulations and lip
rounding: /CG / is produced with lip rounding, while
/Cj / is produced with less rounding, or even active
spreading of the lips [2, 12, 15, 20]. The existence
of such a correlation would be unsurprising, as both
lip rounding and dorsum backing lead to lowered
F2 at [CV]/[VC] transitions [23]. Lip rounding may
thus be an enhancement gesture for /CG Cj / contrasts
in Irish, exaggerating F2 differences associated with
the phonological /CG Cj / contrast [6, 9, 22, 24].
Enhancement of /CG Cj / contrasts with lip rounding could be implemented in at least two ways. First,
the magnitude of lip rounding could co-vary with the
magnitude of dorsal backing on a token-by-token basis. For example, rounding might be stronger whenever backing is weaker, so as to consistently achieve
a particular acoustic target for F2 in [CV] transitions.
We call this the
hypothesis,
because it presumes that enhancement gestures like
lip rounding are recruited to produce specific phys-

Figure 3: PC1 in [1] (lips to right)
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Fig. 4 shows that PC1 systematically distinguishes secondary /Cj CG / articulations for each
combination of manner and place (PC1 values were
z-score normalized for each speaker, and pooled
across vowel contexts for plotting). This is clearest
for the labials and velars; coronals, particularly /sj
sG /, show less separation in their PC1 values. This
is consistent with past descriptions of Irish reporting
weaker velarization for coronal consonants [11] (Fig.
2). These interpretations of Fig. 4 are supported with
a linear mixed effects analysis in [1].
Lastly, [1] found little evidence of [CV] coartic-
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ical values of some phonetic parameter (e.g. F2) on
actual instances of speaking [14, 18].
Alternatively, it could be that the presence or absence of a supplementary rounding gesture is specified for a given segment in Irish, but the strength of
that gesture is left unspecified. On this view gestural reinforcement is more abstract, being specified at
the level of the phoneme (a consonant type) rather
than the individual production (a consonant token)
[6]. We call this the
hypothesis, as it involves a categorical relationship
between lip rounding and dorsal backing; it is consistent with the absence of any token-by-token correlation between the magnitude of those gestures.

3. ANALYSIS OF LIP ROUNDING
Camcorder video of the lips was collected along
with ultrasound and audio recording [1] using a Casio EXILIM-Pro EX-F1 (30fps, 640x480 pixels).
Our measure of lip rounding in this study was side
contact, the extent to which the upper and lower
lips touch during consonant production (Fig. 5).
Side contact is a reliable measure of lip rounding/protrusion for vowels [3], and we believe it is a
plausible measure of secondary labialization on consonants as well. Side contact was measured in pixels
using ImageJ [21], for lip images corresponding to
the offset of the target consonant in the [#CV] transition for each token, the same timepoint used for ultrasound analysis. (As with palatalization, the magnitude of secondary lip rounding gestures tends to
peak at [CV] transitions crosslinguistically [9].)

2.2. Coronals: cue trading between noise and F2?

Secondary velarization is relatively weak for coronal /CG / in Irish [1]. At the same time, coronal /CG
Cj / contrasts are supported by robust acoustic cues
during constriction noise (fricative closure and stop
release) [13]. These cues include spectral shape differences (e.g. center of gravity), duration, and intensity. The physical articulations producing these
noise-related cues are at least partially independent
from the dorsal articulations (and F2 differences in
adjacent vowels) associated with velarization and
palatalization. For example, spectral
during
fricatives and release depends primarily on the configuration of the front cavity, and is thus mostly affected by the position of the tongue tip/blade for
coronal consonants, not the dorsum [23].
We speculate that individual speakers may show
an inverse relationship between the strength of velarization on coronal /CG /—that is, how widely separated /CG / and /Cj / are with respect to F2—and the
extent to which coronal /CG Cj / contrasts are distinguished by the duration and spectral
of their
noise portions. The hypothesis is that speakers will
compensate for weaker velarization on coronal consonants by enhancing the distinctiveness of coronal
/CG Cj / contrasts along other dimensions. If correct,
there should be a negative correlation between the
average degree of velarization for /sG tG / for each
speaker, and the degree to which that speaker separates /sG tG / from /sj tj / using noise cues.
This hypothesis could be assessed by comparing
F2 values and noise parameters directly. However,
the audio recordings collected by [1] are somewhat
noisy, making it hard to accurately calculate F2 values. Instead, we assess this hypothesis by asking
whether the strength of articulatory velarization is
correlated with the acoustic separation of coronal
/CG Cj / contrasts along the dimensions of noise duration and noise
.

Figure 5: Measurement of side contact

Side contact values for all target consonants in
the study, pooled across vowel context, are shown
in Fig. 6 (values were z-score normalized for each
speaker before being pooled for plotting and analysis). The labial stops are excluded from analysis because side contact is at ceiling for all bilabial stops
at C offset. Other measures of lip rounding, or measures of side contact taken during the initial portion
of the following vowel, might reveal differences in
lip rounding between /pj bj / and /pG bG /.
Side contact (z-scored)

Figure 6: Side contact values at C offset
3
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Fig. 6 confirms that velarized consonants are realized with higher values of side contact than their
palatalized counterparts. This result seems clearest
for labial /fj fG / and velar /kj kG xj xG /; coronals,
particularly /sj sG /, show weaker lip rounding distinctions for secondary articulations than consonants
at other places of articulation.
For our statistical analysis of lip rounding, we fit a
linear-mixed effects model over z-score normalized
side contact values (Fig. 6). We first averaged side
contact and PC1 over each unique combination of
{place, manner, secondary articulation, vowel con-

3550

text, speaker} to reduce noise from measurement error. This left 120 data points for analysis, from an
initial 603 tokens. (Our results are qualitatively the
same when we analyze individual tokens directly.)
The fixed effects included three controls: C
,
C
, and V
. We also included a categorical fixed effect of S
A
,
and a continuous fixed effect of T
B
,
the average PC1 value associated with that particular combination of C place, C manner, and V context. If contrast enhancement occurs on a token-bytoken basis, as under the phonetic enhancement hypothesis, T
B
should be a better predictor of lip rounding than S
A
. We also included all two-way interactions between these fixed effects in the model (apart from C
C
, since labial stops were not analyzed). The random effects included an intercept
for S
and by-speaker intercepts and slopes
for T
B
and S
A
. All categorical predictors were sum-coded.
The fixed effects were simplified through a stepdown criticism procedure using the log-likelihood
test with α = 0.10 as the criteron for inclusion in the
model. Interactions were considered for removal before simple effects, and all simple effects were kept
in the model if they were also part of an interaction.
The resulting model is shown in Table 1. The
significant effect of S
A
, and
its interaction with C
, confirm that velarized
consonants show greater lip rounding than palatalized consonants, especially for dorsals. While the
categorical predictor S
A
remained in the final model, the continuous predictor T
B
did not reach significance and
was dropped during model selection. This suggests
that there is no token-level, gradient correlation between the magnitude of lingual articulations and the
amount of lip rounding in our data. We interpret this
result as being most consistent with phonological enhancement at the level of the abstract phoneme type,
rather than phonetic enhancement at the level of individual segment tokens. (We also fit two full models differing only in whether C backness is encoded
as S
A
or T
B
;
the S
A
model has a modest
advantage in model fit, AIC = 182.5 vs. 186.5.)
[18] suggest that enhancement gestures like lip
rounding may be more robust for productions which
would otherwise result in acoustically ambiguous
segments. Our data fails to support this idea: tokens
with less extreme dorsal positions (|z(PC1)|<0.75)
are less correlated with side contact than the data as a
whole (r=-0.18, n=274 vs. overall r=-0.27, n=609).

Table 1: Final lip rounding model (insignificant
predictors omitted). Negative β ⇔ less rounding.
Predictor
β p-value
S .A
. (/Cj /)
-0.26
.001*
CP
(Coronal)
-0.19
.01*
CP
-0.46
.001*
(Dorsal)
M
(Fricative)
0.12
.05*
VC
(/#Ci:/)
-0.34
.001*
C
: /Cj /
0.15
.05*
D
: /Cj /
-0.21
.005*
D
: /#Ci:/
-0.21
.005*
F
: /#Ci:/
-0.19
.001*

4. CORONAL VELARIZATION
Our acoustic data confirms that /sG sj / have widely
separated spectral centers of gravity (4640 vs.
3400Hz, p<.001), as do /tG tj / (3320 vs. 4200Hz,
p<.001; measured over 10ms following release).
Additionally, /tj / tends toward longer releases than
/tG / (97 vs. 81ms, p<.001). Durational differences
between /sG sj / did not reach signficance via t-test
(218 vs. 200ms, p<.10). This confirms that coronal
/Cj CG / contrasts are cued by noise properties which
are acoustically and articulatorily separable from velarization and its effect on F2 in following vowels.
However, we find no speaker-level correlation between the average degree of velarization (PC1) for
/sG tG /, and the difference in average
between
/sG sj / and /tG tj / (r=0.11, n.s.; n=5). This could indicate that there is no systematic trading relation between these articulatory-acoustic parameters. Alternatively, this null result may reflect our small sample
size (5 speakers = 5 data points for correlation).
5. DISCUSSION
We find quantitative support for claims that velarized
consonants are realized with additional lip rounding,
thus enhancing the /Cj CG / contrast. We find no support for a token-by-token correlation between rounding and backing, suggesting a more abstract, phonological enhancement process. Coronals, which exhibit reduced velarization and lip rounding, are more
clearly differentiated by other cues (e.g.
) which
do not seem to interact directly with dorsum backing.
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ABSTRACT
This paper examines the phonetic characteristics of
devoiced vowels in Uyghur. Audio recordings were
collected of six female speakers reading 43 words and
15 sentences, which had been selected to explore a
variety of characteristics of Uyghur vowel devoicing.
Evidence is presented confirming the reliability of
three conditioning factors—high vowels, adjacent
voiceless consonants, and unstressed syllables.
Analysis of a subset of words with the target vowel /i/
shows that the devoiced vowels are realized entirely
as sibilant frication when adjacent to sibilant
consonants /ʃ/ and /t͡ʃ/ (and thus indistinguishable
from the consonant or “deleted”) but distinctly
present as a segment of aspiration or light frication
when between plosives. Duration of devoiced /i/ is
found to be shorter than that of voiced /i/. Finally,
articulatory considerations relevant to vowel
devoicing are discussed.
Keywords: vowel devoicing; duration; Uyghur;
Turkic
1. INTRODUCTION
Vowel devoicing in Uyghur is conditioned by vowel
height, surrounding consonants, and stress. Hahn’s
summary is the most thorough and accurate
description to date: “High vowels are devoiced
between two voiceless consonants (including a glottal
stop), in words with more than one syllable usually
only in unstressed position” ([4]: 45).
To my knowledge, only one empirical study on
Uyghur vowel devoicing has been conducted to date.
Tursun & Hemdulla [16] addressed the acoustic
properties of devoiced high vowels in Uyghur as
compared to regular voiced high vowels. Their results
indicated that voiceless vowels are shorter in
duration, higher in formant frequency, and lower in
intensity
than
their
voiced
counterparts.
Unfortunately, a number of methodological issues
make their findings hard to generalize. Their method
of determining voicing was not stated clearly; no
mention was made of stress, which would affect
interpretation of the acoustic results; no statistical
tests were conducted; and the total number of tokens
for each cell was not reported. Vowel devoicing thus
remains a phonetic topic of interest in Uyghur.
Additionally, vowel devoicing can be realized
phonetically in a number of ways. Tursun &
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Hemdulla suggest that Uyghur voiceless vowels take
on some characteristics of voiceless fricatives, but
they measured formants as if the vowel quality were
still intact [16]. Hahn describes true voiceless vowels,
syllabic fricatives, and combinations of both [4], but
without acoustic evidence. Authors writing on vowel
devoicing in other languages have described full
deletion of vowels leading to consonant clusters (see
[9, 11, 12]). This paper aims to clarify the precise
phonetic nature of the voiceless vowels in Uyghur.
2. METHODS
Data for the present study came from a larger set of
recordings designed to explore vowel devoicing, in
which six female speakers read 43 one- or two-word
tokens and 15 sentences (6 speakers x 5 repetitions =
30 tokens per item). Two minutes of naturalistic data
from a TV interview were included as a supplement
to the experimental data. The word and sentence
tokens were randomized and counterbalanced, with
each iteration of the list beginning and ending with a
standard decoy word or sentence that was not
included in the study. The six participants were native
Uyghur speakers who grew up in Xinjiang and were
first-year university students at the time of the study.
All of them also speak Mandarin fluently and English
to varying levels.
The data were segmented in Praat and acoustic
measurements were extracted using scripts. Duration
was measured from oral release of the previous
consonant to the onset of the following consonant, or
to point where F2 dispersed for word-final vowels.
Praat’s ‘Fraction of Locally Unvoiced Frames’ (under
Voice Report) was used as a quantitative measure of
devoicing in order to see if the devoicing were
categorical or gradient. For this measurement, a
separate tier was added in the TextGrid in which
aspiration following voiceless stops was segmented
separately from the vowels. In this way clearly voiced
vowels following aspirated consonants would still
measure as fully voiced.
The data was coded for the three conditioning
factors—vowel height, consonant environment, and
stress. Stress is typically word-final in Uyghur, but
there is often variation in speaker production and
perception [18]. For this study, word-final stress was
expected but confirmed post hoc by comparing the
duration of the word-final vowels to the other vowels
in the word, as duration is the only reliable acoustic
cue for lexical stress [18].

The FLUF results for all the /i/ vowels in the
subset are presented in the histogram in Figure 1.
(Histograms for individual speakers looked the
same.) The polar distribution indicates that rather
than being a gradient phenomenon as in many
languages with vowel devoicing [3], Uyghur
vowel devoicing is a categorical phenomenon.
Figure 1: Fraction of Locally Unvoiced Frames
(FLUF), subset with /i/ target vowels
160
140

Number of tokens

For the present study, a small subset of five
disyllabic words containing an unstressed /i/ between
voiceless consonants as the target vowel was selected
for analysis—piˈkir ‘idea,’ ʔikˈki ‘two,’ kiˈʃi ‘people,’
͡tʃiˈqim ‘payment,’ and ͡tʃiˈqiʃ ‘come up.’ Several other
words were selected for relevant contrasts—qaˈt͡ʃan
‘when,’ ͡tʃaˈtaq ‘trouble,’ qaˈpaq ‘eyelid,’ myˈʃyk
‘cat,’ pɛˈqɛt ‘only,’ toˈqat͡ʃ ‘small round thing,’
nimiʃˈqa ‘why,’ and sypɛt ‘adjective.’ Due to the
small size of the subset, only descriptive statistics are
reported here. It is hoped that future studies using
larger, more rigorously balanced experimental data
sets and spontaneous corpus data as in [11] on
Japanese can develop this line of research further.
3. RESULTS
3.1. Reliability of conditioning factors
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Table 1: Mean FLUF for all vowels in original data
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To examine the reliability of the three conditioning
factors described by Hahn [4], Table 1 reports the
mean Fraction of Locally Unvoiced Frames (FLUF)
for the entire data set in a 2x2x2 matrix. A clear
distinction emerges between the top left cell,
representing the ideal devoicing environment of high
vowels in unstressed syllables between voiceless
consonants, and all the other cells. On average 74%
of the frames were unvoiced for the vowels in the
ideal environment, while no notable devoicing
occurred in non-high vowels, stressed vowels, or
vowels adjacent to voiced consonants.

Fraction of Locally Unvoiced Frames

2.2. Acoustic description of subset of voiceless vowels

In the present Uyghur data set, devoicing of vowels
adjacent to voiceless sibilant consonants /s/, /ʃ/, and
/t͡ʃ/ was realized as total deletion or blending with the
adjacent consonants for, so that it was impossible to
mark a distinct segment for the vowel on the
TextGrid. In the subset of vowels selected for detailed
analysis in this paper, the /i/ vowels in the first
syllables of kiˈʃi, ͡tʃiˈqim, and ͡tʃiˈqiʃ were inseparable
from the [ʃ] (see kiʃi in Figure 2).
Figure 2: Devoiced vowels in piˈkir and kiˈʃi
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Devoiced vowels between two voiceless stops were
clearly present but totally voiceless. The /i/ vowels in
the first syllables of piˈkir ‘idea’ and ʔikˈki ‘two’ were
distinct from the adjacent stop consonants. On the
spectrogram they appeared as aperiodic highfrequency noise, similar to aspiration or voiceless
palatal frication. In some cases there were darker
bands of energy between 2000-4000 Hz, but it was
never clear enough to call formant structure (see
piˈkir in Figure 2). It was not difficult, however, to
hear the difference between voiceless /i/ in these
words and voiceless /u/ and /y/ in other words in the
data set, even for vowels that were blended or

This preliminary analysis treated all the data
together to get a first impression of the three
factors, with no attempt to separate words by
number of syllables, target vowels, open vs. closed
syllables, or data type (words, sentences, and
naturalistic speech). Future analysis could make
more fine-grained sub-groups and employ linear
modeling to estimate the predictive power of the
three factors. The present analysis, though,
suggests that the three factors are reliable—only
when all three factors align do speakers
consistently devoice the vowels.
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coarticulated with adjacent sibilants. Analysis of the
spectral peak or center of gravity of the aperiodic
noise would be an interesting topic for future study
(cf. [14] on Japanese).
To compare duration of voiced and voiceless /i/,
the ideal environment would probably be two
disyllabic words with /i/ in the unstressed first
syllable flanked by voiceless consonants in one word
but a voiced consonant blocking the devoicing in the
other. Unfortunately the wordlist for this study did not
contain such a word with a voiced consonant. The
next best, then is to compare the duration (normalized
as percent of word duration) of the voiceless
unstressed /i/ in the first syllables of piˈkir and ʔikˈki
with the voiced stressed /i/ in the second syllables of
piˈkir, kiˈʃi, ʔikˈki, ͡tʃiˈqim, and ͡tʃiˈqiʃ, with results
shown per speaker. Six tokens of the first /i/ in ʔikˈki
were not devoiced and were therefore removed from
the voiceless subset. Grouped together, all speakers’
voiceless /i/ tokens (mean 15.7, sd=5.6, n=54) were
much shorter than the voiced stressed tokens (mean
30.4, sd=8.5, n=147). Individual results for speakers
A-F (Figure 3) showed the same trend, with slightly
less difference between voiceless and stressed /i/ for
speakers E and F. The mean FLUF measurements
were 0.97 (sd=0.2, n=54) for voiceless /i/ and 0.02
(sd=0.1, n=147) for stressed /i/. Note that for this
subset the voicing threshold (under Pitch…Advanced
pitch settings) was set to 0.70, as this setting produced
more reasonable results when checked against the
amount of voicing visible on the waveform.
Figure 3: Normalized duration of voiceless /i/ and
stressed /i/, speakers A-F (grey color for readability)

Figure 4: Normalized VOT vs voiceless vowel
duration after /p/, speakers A-F (grey color for readability)
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The fact that the voiceless vowels adjacent to
sibilants were essentially deleted raises the question
of whether the observed duration of devoiced vowels
between stops is long enough to constitute a real
vowel or whether it was just a brief transition between
the articulation of the two stops. This question will be
addressed from three angles—by comparing them
with the duration of unstressed voiced /i/, by
comparing them with the VOT of voiceless stops, and
by examining the duration of the sibilant segments
adjacent to/coarticulated with the devoiced vowels.
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As the wordlist for this study did not contain
voiced unstressed /i/ in a disyllabic word, the duration
of voiced unstressed /i/ can be estimated by looking
at the difference between stressed and unstressed
tokens of a different vowel, such as /a/ in the words
qaˈt͡ʃan ‘when,’ ͡tʃaˈtaq ‘trouble,’ and qaˈpaq ‘eyelid’.
In these words the ratio between the normalized
duration of the stressed and unstressed tokens was
1.60:1. Following that ratio, a normalized duration of
about 19 would be expected for voiced unstressed /i/,
which is slightly longer than the duration observed for
voiceless unstressed /i/ above, but still much closer
than the 30.4 observed in stressed /i/.
There was an unstressed voiced /i/ in one of the
sentences in the original data set, in the first syllable
of nimiʃˈqa ‘why?’. Its normalized duration, adjusted
by a factor of 1.5 to account for a trisyllabic vs.
disyllabic word, averaged 14.0 (n=30, sd =2.95). This
is actually shorter than the normalized duration of
voiceless /i/ reported above. The comparison is not
ideal, though, because nimiʃˈqa came from a sentence
rather than a word, it has three syllables rather than
two, and /i/ is between nasals rather than stops.
The second angle for assessing whether devoiced
/i/ between stops is actually deleted is looking at the
VOT of voiceless stops. Syllable-initial voiceless
stops in Uyghur are generally aspirated [4]. It is
possible the duration observed between the two stops
is just the normal amount of aspiration following the
release of the voiceless stops. To test this, the VOT of
the /p/ preceding voiced /ɛ/ in pɛˈqɛt was compared
with the duration of voiceless /i/ in the first syllable
of piˈkir.

Category and speaker

As Figure 4 shows, the median duration of
voiceless /i/ was longer than the VOT of /p/ before
voiced /ɛ/ for each speaker. For speakers C and D,
there was a great deal of overlap in the distributions.
For all speakers grouped together, the normalized
duration of the voiceless /i/ (mean 13.8, sd=5.3, n=30)
was more than twice as long as the VOT of /p/ in
pɛˈqɛt (mean 5.1, sd=2.9, n=30). However, the
60.5ms mean for voiceless /i/ is still within a normal
range for VOT of aspirated consonants as reported by

Cho & Ladefoged [1]. Further study of the VOT of
voiceless stops in Uyghur would be needed to
strengthen this line of argument.
The third angle of inquiry is the duration of the
sibilant adjacent to the voiceless vowel. If the sibilant
is longer than usual, it is possible that sibilant noise is
actually a method of realizing the voiceless vowel.
(Alternatively, the vowel could be deleted but the
sibilant lengthened to compensate.) Figure 5 shows
that the normalized duration of [ʃ] after a voiceless
vowel in kiˈʃi (mean=53.7, sd=7.4, n=30) was longer
than the duration of [ʃ] after a voiced vowel in myˈʃyk
(mean=25.0, sd=3.0, n=30); and likewise the [ʃ]
portion of /t͡ʃ/ before a voiceless vowel in ͡tʃiˈqiʃ ‘come
up’ (mean=20.2, sd=4.9, n=30) was longer than the
corresponding [ʃ] before a voiced vowel in ͡tʃaˈtaq
‘trouble’ (mean=10.9, sd=2.1, n=30). Results by
speaker showed no clear differences. This trend was
not observed in stop consonants. The normalized
duration of /p/ (closure to release) after voiceless /i/
in syˈpɛt (mean=18.4, sd=3.0, n=30) was actually
shorter than /p/ after a voiced vowel in qaˈpaq
(mean=22.8, sd=5.1, n=30), and the duration of /q/
after voiceless /i/ in ͡tʃiˈqiʃ and ͡tʃiˈqim (mean=20.3,
sd=3.6, n=57) was about the same as the /q/ after
voiced vowels in toˈqat͡ʃ and pɛˈqɛt (mean=19.4,
sd=3.8, n=60).

60
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sib_before_voiceless

Consonant and position

sib_before_voiced

sib_after_voiceless

sib_after_voiced

q_after_voiceless

q_after_voiced

p_after_voiceless

10
p_after_voiced

Percent of word duration

Figure 5: Normalized duration of stops and sibilants
adjacent to voiced and voiceless vowels (grey color for
readability)

In sum, the three angles of investigation, though
subject to certain limitations, seem to converge on
the conclusion that voiceless vowels between stops
are indeed present rather than deleted and that
voiceless vowels adjacent to sibilants are also not
deleted but realized as homorganic sibilant frication.
4. DISCUSSION
The realization of a voiceless vowel as frication of
some kind is not altogether surprising from an
articulatory perspective. A vowel between two
obstruents has two tight constrictions on either side of
it. The devoiced vowels are high vowels, for which
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the oral opening would be rather narrow even if they
were voiced. Ohala notes that high vowels, “by virtue
of their high close constriction, impede the flow of air
and constitute ‘almost’ obstruents. In conjunction
with other factors, they can reduce ∆Pglot enough to
extinguish voicing” ([13]: 3). When the articulators
are only separated with a tiny opening in the transition
between the stop closures in words like piˈkir or not
opened any further than the preceding or following
sibilants in words like kiˈʃi or ͡tʃiˈqim, then frication is
the natural consequence. If the duration of the
frication makes up for the duration that would be
expected in a vowel, then the frication very well may
be the way of realizing the voiceless vowel. If this is
so, then the phonotactics and syllable structure are
preserved, with the frication as the syllable nucleus.
The articulatory explanation of the frication also
provides an answer to the question of why it is the
high vowels that devoice in Uyghur. The oft-cited
explanation for the cross-linguistic tendency of high
vowels to devoice more than other vowels is that high
vowels are shorter in duration than non-high vowels
and thus their gestures are more easily overlapped by
consonant gestures (see [3, 8]). This makes sense in
languages where the devoicing happens as a gradient
(as [8] found for Korean), where the likelihood of
devoicing is highly sensitive to rate of speech (cf. [6]
on Turkish), or where non-high vowels also devoice
in very fast speech (cf. [10] on Japanese, [17] on
Spanish). However, in the present data for Uyghur,
devoicing happened consistently even in the reading
style of experimental conditions, and virtually no
devoicing was observed of any non-high vowels (see
Table 1). These distributional patterns combined with
the observation of frication suggest that the close
constriction of high vowels than low vowels may be
more relevant than their short duration.
The articulatory account, however, is stronger as a
historical explanation of how high vowels came to be
devoiced than as a synchronic explanation of why
speakers devoice high vowels now. Contemporary
Uyghur vowel devoicing is most likely part of the
phonology rather than the phonetic implementation,
as it is very consistent and also probably quite old.
Devoicing of high vowels (and phenomena like
“reduction,” “loss,” “dropping”, or “disappearance”)
occurs all across the modern Turkic family [7], and
similar processes are noted in several Mongolic
languages [5, 11] as well as Japanese [10, 12, 14, 15],
Korean [8], and Northwest Mandarin [2]). While it is
possible that these processes all arose independently
or spread across Asia after the Turkic migration, it is
also possible that vowel devoicing was historically an
areal feature in northeast Asia. If the vowel devoicing
processes in e.g. Uyghur in the east and Turkish in the
west have the same origin, they must be quite old, as
Turkic speakers had spread from present-day
Mongolia across Central Asia by 600AD [7].
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ABSTRACT
This study provides an acoustic analysis of the
Hawaiian stressed low short vowel /a/ in /aV/ and
/aCV/ positions, testing whether the height and
backness of /a/ differ systematically based on the
following vowel. F1 and F2 trajectories were
measured in 1,550 /a(C)V/ tokens in over 41 minutes
of spontaneous speech from one speaker, Larry
Kimura. In /aV/ clusters, the F1 of /a/ was reduced
preceding a high vowel (p<.001) and F2 was reduced
preceding a back vowel (p=.001). Compared to /aCa/
sequences, /aCi/ exhibited significantly reduced F1
(p=.004) and larger F2 (p<.001) values. Overall,
there were no significant differences in coarticulatory
effects between clusters and /aCV/ contexts.
The results are discussed in relation to debates on
the representation of Hawaiian vowel clusters as
being comprised of two distinct phonemes or one.
This study represents one of the first acoustic studies
of spontaneous speech in the under-documented
Hawaiian language.
Keywords: Hawaiian; vowels; [a]; diphthongs;
coarticulation

1. INTRODUCTION
Hawaiian (ʻŌlelo Hawaiʻi) is an endangered
Polynesian language indigenous to the islands of
Hawaiʻi. Hawaiian is currently undergoing a
renaissance after a sharp decline in speaker numbers
in the 20th century.
There exists a small literature on the vowel
inventory of Hawaiian, which has relied on auditory
transcriptions [4, 6, 10, 15, 16] or acoustic analysis of
small data sets [12, 13]. The present study seeks to
expand on this literature with acoustic measurements
of the pronunciation of /a/ in /aV/ and /aCV/ contexts.

2. PREVIOUS DESCRIPTIONS OF
HAWAIIAN /aV/ AND /aCV/
Parker Jones [12] describes the vowels of Standard
Hawaiian as /i e a o u/ and /iː eː aː oː uː/, plus the short
diphthongs /ae ai ao au ei eu iu oi ou/ and the long
diphthongs /aːe aːi aːo aːu eːi oːu/. He notes that
diphthongs in Hawaiian are not ‘unit phonemes’, and

3558

analyzes them as simply sequences of individual
vowels. Some sequences of vowels may give rise to
multiple syllables (e.g. disyllabic kia /ˈki.a/ ‘pillar’)
while those previously classified as diphthongs [4],
including /aV/ sequences, can serve together as the
peak of a single syllable (e.g. ʻaina /ˈʔai.na/ ‘meal’)
[15, 16].
In a short (<2 min.) passage of read speech from
one male Hawaiʻi Island speaker, Parker Jones [12]
tested differences in the realization of /a/ in /ai/ and
/ae/, finding F1 to be significantly lower and F2 to be
significantly higher in /ai/. His diagrams of the
trajectories of the short diphthongs depict /ai au/
surfacing as [ɐi ɐu], while /ae ao/ surface as [ae ao].
Piccolo [13] also describes the vowel system of
two female speakers, one Hawaiian L1 from Niʻihau
(speaking the distinctive Niʻihau dialect [9]) and one
L2 from Hawaiʻi Island, based on recordings of four
repetitions of nineteen words. She found that for the
Niʻihau speaker, /a/ had a notably greater F2 in /ai/
clusters than in /ae/ clusters, while the Hawaiʻi Island
speaker did not show robust differentiation between
the /a/ of /ai/ and of /ae/. Both speakers exhibited a
large amount of overlap in the starting point of /ao/
and /au/, and both exhibited a notably larger F2 in the
/a/ of /ai/ and /ae/ compared with /au/ and /ao/.
However, stress was not fully controlled for (cf. [11]),
and only a single word per vowel was analyzed.
It has also been reported that /a/ raises toward /ɐ/
when followed by /i/ or /u/ in the next syllable, and
sometimes when /a/ is in the following syllable
[17]. This raising is not universally noted in
descriptions of Hawaiian, though; for instance, Parker
Jones [12] narrowly transcribes makani /ma.ˈka.ni/
ʻwind’ as [mã.ˈka.nĩ], without raising to [mã.ˈkɐ.nĩ]
or [mã.ˈkʌ.nĩ].
This study seeks to describe the acoustic
characteristics of the Hawaiian short vowel /a/ in
stressed /aCV/ and /aV/ positions in order to clarify
its phonetic and phonological patterning.
If acoustic evidence indicates that an unstressed
vowel has the same coarticulatory effect on a
preceding stressed /a/ regardless of intervening
consonant, this would strengthen the case against
considering Hawaiian diphthongs as unitary
phonemes, in concert with previous arguments based
on the metrical system [15, 16]. These coarticulatory

phenomena may not result from the vowels being in
direct segmental contact, but rather from occurring
within the same metrical foot.

3. METHOD
3.1. Source of data

The Hawaiian speaker for whom there exists the
largest amount of publicly-accessible recorded and
transcribed data is Dr. Larry Kimura, one of the most
well-respected leaders in the Hawaiian revitalization
movement. Kimura learned Hawaiian from his
grandmother while growing up in Waimea, Hawaiʻi
Island (though like most in his generation, Hawaiʻi
Creole English was his dominant L1 [18]). His voice
is familiar to many Hawaiian learners given the sheer
number of his recordings and his many decades of
revitalization work. As one of the founders of the
ʻAha Pūnana Leo language nest organization, his
voice has been a model, directly and indirectly, for
many L2 and L1 speakers.
The speech data investigated here comprises a
subset of the Kaniʻāina corpus of the Ka Leo Hawaiʻi
Radio show, first produced and presented on KCCN
by Kimura in 1972 [5]. Speech from six episodes
from 1972 and 1973 make up the subset used in this
study. In total, just under 42 minutes of Kimura’s
continuous speech was analyzed.
3.2. Segmentation

The .wav files for each episode were paired with
transcriptions aligned roughly at the utterance level,
excluding any sections of overlapping speech or
segments of the show conducted over a telephone
line. A model for the Montreal Forced Aligner [7]
was trained by inputting paired sound and
transcription TextGrids. In addition to the 42 minutes
of speech from Larry Kimura that is analyzed here,
training data for the aligner model also included just
under 41 minutes of total speech from five other instudio guests featured in the six episodes [5]. Output
TextGrids containing the start and end points of
individual words and phones was created for each
recording.
3.3. Vowel measurements

Using Praat [3], measurements of F1 and F2 were
extracted at the point of maximum F1 in /a/ using a
script adapted for this purpose. This measurement
location was chosen because regardless of
coarticulatory effects resulting from contact with the
previous or following segment, the point at which F1
reaches its maximum will consistently be the
inflection point at the lowest point in the vowel space.
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For /aV/ clusters, measurements of the second vowel
were taken at the point of maximum F2.
In order to control for effects of stress,
observations were filtered such that only syllables
bearing primary stress (cf. [11]) are analyzed here.
The words ʻae /ˈʔae/ ʻyes’ (the most frequent word
in the subset and often used in back-channelling) and
laila /ˈlei.la/ ‘there, then’ (also high frequency, with
the spelling not reflecting its current pronunciation
[6]) were excluded from measurement. Outliers were
identified and excluded based on either F1 or F2 of
/a/ being greater than two standard deviations away
from the mean; in the case of /aV/ clusters, this outlier
exclusion process was also applied to observations
based on the F1 and F2 of the second vowel.
There was wide variation in the observed
frequency of the different environments after outlier
removal, ranging from just 7 tokens each of /ae/ and
/ao/ to 202 tokens of /au/ and 306 tokens of /ai/; /aCV/
environments had higher counts but were also
unbalanced, with 62 tokens of /aCu/, 101 of /aCe/,
104 of /aCo/, 186 of /aCi/, and 575 of /aCa/. The
statistical limitations of this dataset should be noted,
and the results are, naturally, reflective only of this
one speaker.

4. RESULTS
Linear mixed effects models were constructed in R
[14] using the lme4 package [1]. Vowel plots were
created using phonR package [8].
4.1. Stressed /aV/ clusters

In the first set of models for /aV/ observations, F1 or
F2 of /a/ was set as the dependent variable, with the
height (high vs. mid) and backness (front vs. back) of
the following vowel and their interactions entered as
fixed effects. The identity of the segment following
/aV/ was also entered as a fixed effect; possible
following segments in non-word final contexts were
/h ʔ k l m n p w/ as well as /a/ (in words like aia /ˈai.a/
‘there’ and kaua /ˈkau.a/ ‘war’); in word-final /aV/
contexts, following /i e o u/ or a prosodic break were
also possible. Word was included as a random
intercept. All fixed effect variables were sum contrast
coded.
Tokens included word-final /aV/ (e.g. kai /ˈkai/
‘sea’) and penultimate /aV/ (e.g. kaona /ˈkao.na/
‘hidden meaning’). Including stress placement as a
fixed effect was not found to improve the models’ fit.
Fig. 1 plots the trajectories of /ai ae au ao/ from the
F1 maximum of /a/ to the F2 maximum of the second
vowel. F1 was found to be significantly reduced
preceding a high vowel compared to a mid vowel (β=110, SE=31.4, t=-3.52, p<.001). F2 was found to be

significantly reduced preceding a back vowel
compared to a front vowel (β=-241, SE=72.7, t=-3.32,
p=.001). A classic coarticulation effect is found: the
tongue is higher in articulatory space preceding /i/
and /u/, lower preceding /e/ and /o/, backer preceding
/o/ and /u/, and fronter preceding /i/ and /e/.
A following prosodic silence was set as the
reference level for segment following /aV/. /m/
predicted a reduced F1 (β=-77.6, SE=29.9, t=-2.58,
p=.010) and /e/ predicted a greater F2 (β=145.7,
SE=57.4, t=2.54, p=.012).

the dependent variable, with the identity of the second
vowel (/i e a o u/) and intervening consonant (/h ʔ k l
m n p w/) included as fixed effects. Word was also
entered as a random intercept.
Figure 2: /a/ by /aCV/ context (speaker: Larry
Kimura). Means at F1 maximum shown with
ellipses drawn ±1 sd over F1 and F2 values.
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Figure 1: /aV/ trajectories (speaker: Larry Kimura).
Individual trajectories (light) and means (bold)
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4.2.1. Pairwise comparisons
In a second set of models, F1 or F2 of /a/ was set
as the dependent variable, with the identity of the
second vowel (/i e o u/) and the following segment (/h
ʔ k l m n p w i e a o u/ or prosodic break) included as
fixed effects. Word was entered as a random
intercept. Tukey’s post-hoc pairwise analysis,
correcting for multiple comparisons with the
Benjamini-Hochberg procedure [2], showed that F1
was significantly reduced in /ai/ compared to /ae/
(β=141, SE=41.6, t=3.39, p=.004) and /ao/ (β=108,
SE=47.7, t=2.28, p=.045). F1 was also significantly
reduced in /au/ compared to /ae/ (β=112, SE=41.0,
t=2.73, p=.018). F2 was significantly greater in /ai/
compared to /ao/ (β=-372, SE=110, t=-3.39, p=.002)
or /au/ (β=-270, SE=47.2, t=-5.68, p<.001).
4.3. Stressed /a/ in /aCV/

Fig. 2 plots the location of /a/ in /aCV/ contexts. For
these linear mixed effects models, F1 or F2 of /a/ was

3560

The reference level for second vowel was set as
/aCa/, the environment hypothesized to be least likely
to be affected by vowel-to-vowel coarticulation. F1
was significantly reduced in /aCi/ (β=-53.2, SE=18.2,
t=-2.92, p=.004) and marginally reduced in /aCu/ (β=41.6, SE=22.1, t=-1.88, p=.062). F2 was significantly
greater in /aCi/ (β=220, SE=33.0, t=6.67, p<.001). In
sum, a following /i/ exerts a significant coarticulatory
effect on the preceding stressed /a/.
4.3.2. Effects of intervening consonant
The reference level for intervening consonant was
/h/. An intervening /ʔ/ (β=74.1, SE=34.3, t=2.16,
p=.033) or /k/ (β=87.0, SE=30.5, t=2.85, p=.005)
predicted a significantly greater F1, while an
intervening /p/ predicted a reduced F1 (β=-64.7,
SE=28.0, t=-2.31, p=.023). F2 was also greater with
an intervening /p/ (β=290, SE=52.4, t=5.54, p<.001)
and reduced with an intervening /w/ (β=-223,
SE=109, t=-2.05, p=.042).
4.4. Comparison of /aV/ and /aCV/

Fig. 3 plots the relative locations of all /a/ in both
/aV/ and /aCV/ contexts; /aCa/ is excluded from
this analysis. (It is conceptually possible to regard
/aː/ to be equivalent to /aa/, but this consideration

of vowel length is beyond the scope of the current
investigation.) A linear mixed effects model was
constructed with F1 or F2 as the dependent
variable; fixed effects were entered as the height
(mid vs. low) and backness (back vs. front) of the
second vowel, cluster status (/aV/ vs. /aCV/), and
all two- and three-way interactions. In addition,
following segment was entered as a fixed effect
and word was entered as a random intercept.
F1 was significantly predicted by the height of
the following vowel, with following high vowel
corresponding to a reduced F1 (β=-70.2, SE=19.3,
t=-3.63, p<.001). No effects of /aV/ vs. /aCV/
status or its interactions were significant. A
following /l/ also significantly reduced F1 (β=56.1, SE=26.7, t=-2.10, p=.036). While it appears
in Fig. 3 that /ai/ and /au/ are especially raised in
articulatory space in comparison to their /aCi/ and
/aCu/ counterparts, the interaction of height and
cluster status on F1 was marginal (β=-72.7,
SE=38.2, t=-1.90, p=.059).

5. DISCUSSION
The present study provides evidence that Larry
Kimura, a speaker of Standard Hawaiian, exhibits
robust coarticulation of stressed /a/ to the following
vowel in /aV/ clusters (Fig. 1). Vowel-to-vowel
coarticulation also occurs in /aCi/ environments (Fig.
2), with /a/ being higher and fronter than in the /aCa/
context. Comparison of /aV/ and /aCV/ environments
(Fig. 3) demonstrates that overall, /a/ before a high
vowel is higher and fronter in articulatory space,
while /a/ before a back vowel is backer. The presence
of an intervening consonant is associated with only
slightly less coarticulation than when the vowels abut.
These acoustic findings are consistent with a view
of /aV/ sequences as phonemic clusters of
monophthongs, in harmony with the previous
literature on Hawaiian and other Polynesian
languages [12, 15, 16]. Though the syllable and
metrical structure of Hawaiian indicates that certain
combinations of vowels, including /aV/ clusters, can
jointly comprise the peak of a single syllable, the
second vowel appears to exert a similar coarticulatory
effect on /a/ whether or not it is in the same syllable.
This suggests that in Hawaiian, such allophony may
operate at the level of the foot (perhaps Schütz’s [16]
‘measure’) rather than at the level of the syllable.
Several implications for the description of the
Hawaiian vowel system can be identified.
Phonetically, it is notable that /aV/ clusters exhibit not
only coarticulatory raising based on the height of the
following vowel, but robust backness effects based on
the vowel’s backness, too. Phonologically, it is
tentatively suggested that tautosyllabic vowel clusters
may be better described as containing two vowels of
equal status [15], rather than as containing a peak and
an offglide [4, 16]. Further investigation comparing
the spectral qualities of the second vowel in these
clusters with their corresponding stressed and
unstressed singletons would help to clarify this
picture. Accordingly, the unitary vowels of Hawaiian
are suggested to be simply /i e a o u/ and /iː eː aː oː
uː/, with the locus of functional complexity located at
the syllabic and metrical levels (as suggested by
Schütz [16]).
Whether or not a consonant intervenes does not
make a significant difference in these patterns of
observed coarticulation; however, the trend that the
/a/ in /ai/ and /au/ raises more than in /aCi/ and /aCu/
may indicate a slightly greater coarticulatory effect
when the two vowels are in direct contact. Further
augmentation of the data under investigation – with
more words and speakers included, as well as
considerations of word frequency – will provide a
more complete picture of the acoustic phonetics and
phonological representations of Hawaiian vowels.

Figure 3: Relative /a/ positions in /aV/ and /aCV/
contexts (speaker: Larry Kimura). Means at F1
maximum shown with ellipses drawn ±1 sd over F1
and F2 values.
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A following high vowel predicted a greater F2
(β=115, SE=38.5, t=2.99, p=.003), and a following
back vowel predicted a reduced F2 (β=-169,
SE=38.3, t=-4.42, p<.001). No effects of cluster
status or its interactions were significant.
Following segments /m/ (β=-116, SE=52.0, t=2.23, p=.026) and /i/ (β=-165, SE=81.8, t=-2.02,
p=.044) were found to predict a reduced F2, while
a following /e/ (β=142, SE=54.9, t=2.60, p=.010)
predicted a greater F2.
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ABSTRACT
This study examines the phonetic realization of
voicing in Yamagata Japanese, a dialect spoken in
the Tohoku region. Previous literature has shown
that in Standard Japanese, closure voicing of voiced
geminates stops in the middle of the closure duration.
The ratio of the length of closure voicing in voiced
geminates in Tohoku dialects, however, is
controversial. While Akita Japanese has a short
closure voicing duration, Yamagata Japanese shows
variation in duration. A detailed analysis of recorded
materials from native speakers of Yamagata
Japanese reveals that closure voicing is short in
voiced geminates at a glance, but with very weak
voicing; that is, voicing with small amplitude that
continues up to about 80% of the closure duration.
This supports the claim that speakers of Yamagata
Japanese keep geminate voicing without semidevoicing. These results imply that the phonological
distribution and phonetic realization of voiced
geminates in Japanese dialects interact with each
other.
Keywords: Japanese dialects, geminate, closure
voicing duration
1. INTRODUCTION
Much attention has been paid to geminates, or
sokuon, in Japanese phonology and phonetics. Many
studies from various perspectives, including L1 and
L2 acquisition, phonological theory, speech
perception etc., have tried to clarify the nature of
geminates in Japanese. L2 learners of Japanese, for
example, have difficulty distinguishing between
singleton and geminate consonants in production,
even if they have experience of studying abroad in
Japan for several months [1].
The topic of geminate voicing is also one of
interest in the literature. Voiced geminates are
avoided in Japanese phonology. No native and SinoJapanese words, for example, contain voiced
geminates. Western loans accept them, however, as
in reddo ‘red’ and furaggu ‘flag’. Avoidance of
voiced geminates can also be seen in phonetics.
Voicing in geminates, for example, stops at the
midpoint of the interval. In other words, voicing in
geminates is incompletely realized. This is known as
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semi-devoicing in Standard Japanese [2]. This semidevoicing of voiced geminates is a natural
phenomenon from an aerodynamic point of view.
While a speaker must keep air flowing from the
lungs in order to maintain vocal vibration, obstruents
require the constriction of the airflow at the point of
the articulation. Therefore, speakers need to stop the
vocal vibration or control the articulatory organs for
a long time when they produce voiced geminates.
Semi-devoicing is the result of the former.
Regional variation in the phonetic details of
geminates has been identified in several studies of
Japanese dialects. Vowels preceding geminates are
shortened in Akita Japanese, a dialect spoken in the
north-eastern part of Japan [3]. In contrast,
Kagoshima Japanese, a dialect spoken in the southwestern part of Japan, does not show such a
tendency [4].
As for phonology of voiced geminates, it has
been pointed out that many dialects in Kyushu and
Tohoku accept voiced geminates not only in western
loans but also in the native and Sino-Japanese
lexicon. Speakers of such dialects in Kyushu, for
example, say teddo ‘train’ for tetudoo and kuzzo
‘(something) is coming’ for kuruzo in Standard
Japanese. The phonetic realization of voiced
geminates in Kyushu is also different from Standard
Japanese. Speakers maintain vocal vibration during
constriction in Amakusa, a dialect spoken in western
Kyushu [5]. That is, there is no semi-devoicing.
This result suggests that dialects with voiced
geminates in the native and Sino-Japanese lexicon
realize long closure voicing duration. To verify this
hypothesis, we should look at other dialects with
voiced geminates. In the Tohoku region, Yamagata
Japanese is a dialect with such characteristics [6].
The progressive aspect of vowel-final verbs, for
example, is realized with voiced geminates such as
midda ‘to be seeing’, tabedda ‘to be eating’.
Little study has been done to measure the
phonetic realization of voiced geminates in the
dialects of the Tohoku region. The voicing duration
of voiced geminates in Akita Japanese is shorter
than that in Kumamoto Japanese, a dialect spoken in
the Kyushu region [7]. In contrast, a study working
on acoustic phonetic measurement of voiced
geminates in Yamagata Japanese reports that the
closure voicing ratio of [dd] in Yamagata Japanese

has a wide distribution, as shown in Figure 1 [8].
These results suggest that phonetic realization of
voiced geminates is not straightforward. To explore
the phonetic realization of voiced geminates in detail,
this study analyzes the phonetic realization of voiced
geminates in Yamagata Japanese and considers their
articulatory background.

Foreign loanwords: kataaru ‘Qatar’,
kattaa ‘cutter knife’, katto ‘cut’, kiddo
‘kid’, sjureddaa ‘shredder’, tomato
‘tomato’, natoriumu ‘sodium’, netto
‘net’, batto ‘bat’, baton ‘baton’, heddo
‘head’, matto ‘mat’, mitto ‘mitt’,
middonaito ‘mid night’, reddo ‘red’,
watto ‘watt’
Sino-Japanese: kattoo ‘conflict’, katoo
‘fructose’, sattoo ‘rush’, satoo ‘suger’,
nattoo ‘Natto’
Table 2: Complete list of nouns
All recorded sounds were segmented and the
closure voice duration for each interval was
calculated by using the voice report function of Praat.
The values of voice report function were set to their
defaults. We will report not only the result of the
measurements, but in order to report the voicing
realization in detail, also the results of visual
inspection of the waveforms and spectrograms.

Figure 1: Closure voicing ratio in [8]
2. METHOD
Four native speakers of Yamagata Japanese,
consisting of two males, A (born in 1952) and B
(born in 1942), and two females, C (born in 1944)
and D (born in 1941), participated in the recording
session. Recordings were made using a ZOOM H5
PCM recorder and an AKG C520 headset
microphone. The session was held in a quiet room.
The test words consisted of verbs and nouns.
Verbs were derived forms such as past, continuous,
desiderative, and the attributive form followed by
the noun -toki ‘time’. All target words are voiced
obstruents since voicing takes place between vowels
in Yamagata Japanese native words. Speakers were
instructed to translate them into Yamagata Japanese.
Examples of the verbs are shown in Table 1.
verb root
tabe- ‘to eat’ mi- ‘to look’
past
tabe-da
mi-da
continuous
tabe-dda
mi-dda
desiderative
tabe-ddai
mi-ddai
V-toki
tabe-ddogi
mi-ddogi
Table 1: Examples of verbs

3. RESULTS
3.1. Acoustic phonetic measurements

Figure 2 shows closure voicing ratio in the dialect.
The average value is about 20 to 30%, except for
speaker B whose average value is about 90%.

Figure 2: Closure voicing ratio of [dd]
3.2. Visual inspection

All the voiced geminates in nouns are in foreign
loanwords because, as in Standard Japanese, there
are no voiced geminates in native and Sino-Japanese
nouns in Yamagata Japanese. All examples of the
nouns are shown in Table 2.
We prepared 52 verb forms and 21 nouns.
Speakers read words three to five times, translating
to Yamagata Japanese for verbs. They read words
both in isolation and within frame sentences. In total,
669 tokens were recorded.
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Waveform and spectrogram of [maidda] ‘be seeding’
are shown in Figures 3a and 3b. Although the
closure voicing ratio of [dd] is only 11.11%
according to the auto-calculation of Praat’s voice
report function, we can observe periodic waves and
a voice bar throughout [dd], as shown in Figure 3b.
These demonstrate that weak voicing continues
through the geminate constriction. Furthermore, the
voicing declines through closure interval. This
declination would mean that airpressure from lung
was weaken.

Figure 4b: Expansion of [tt] in Fig. 4a.

Figure 3a: Waveform and spectrogram of
voiced geminate [dd] by speaker A

Similar results are found in the recordings of the
female speakers. The waveform and spectrogram of
[umedda] ‘be burying’ are shown in Figure 5a and
5b. The closure voicing ratio in [dd] of [umedda] is
17.39% according to the auto-calculation. In contrast,
the ratio is 7.14% in the [tt] of [katto] ‘cut’. We can
observe small periodic waves and a voice bar
throughout the duration of the voiced geminate in
Figure 5a. In contrast, there are no periodic waves
nor voice bar in [tt], as is shown in Figure 5b.

Figure 3b: Expansion of [dd] in Fig. 3a.
It is possible that the weak voicing is a result of
reverberation. Although the session was held in a
quiet room inside a building, and a headset
microphone was used, the room was not a sound
booth, so we cannot exclude reverberation
completely. A comparison to a voiceless geminate
[tt] is a meaningful way to test this possibility.
The waveform and spectrogram of a voiceless
geminate [tt] are shown in Figures 4a and 4b. We
cannot observe any voice bar during the geminate.
The closure voicing ratio was 5.56%. There is
energy in the low frequencies, but these are weaker
than those in [dd]. There is also no periodic wave.
This means that the phonetic realization of voiced
geminates should be distinguished from voiceless
geminates.

Figure 5a: Waveform and spectrogram of
voiced geminate [dd] by speaker D

Figure 5b: Waveform and spectrogram of
voiceless geminate [tt] by speaker D
Weak voicing is not accidentally produced, but
controlled by speakers. The figures in 6 are different
utterances of [dd] in [waddogi] ‘when someone
divides’ by speaker A. The closure voicing ratio
varies, at 44.44%, 47.36%, 68.75%, and 78.94% in
order from the top. As can be seen in the waveforms,
all utterances have very small periodic waves. That
is, speakers of Yamagata Japanese control vocal
vibration in closure of voiced geminates.

Figure 4a: Waveform and spectrogram of
voiceless geminate [tt] by speaker A
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Japanese differs from that in Akita Japanese. The
nature of voicing, however, is also different from
Kyushu dialects where speakers produce voiced
geminates with full voicing. The small amplitude of
voicing in Yamagata Japanese was not reflected in
by the voice report function. As a result, the closure
voicing ratio varies widely.
Voiced geminates involve aerodynamic difficulty,
as is discussed in section 1 [9]. Speakers of Standard
Japanese stop voicing at the midpoint of geminate
closure. In contrast, Kumamoto Japanese, speakers
maintain the airflow by expanding the pharynx [10].
The results above suggest speakers of Yamagata
Japanese solve this difficulty by using another
strategy. While they maintain airflow from the lungs
until nearly end of the closure duration, they
continue to breathe weakly. In other words, they
escape the aerodynamic difficulty by maintaining
strength of breath.
The result supports the hypothesis that speakers
of dialects which have voiced geminates in native
and Sino-Japanese vocabulary keep voicing in
voiced geminates. The acoustic phonetic realization
of voiced geminates, however, differs by dialect.
Although the present study gives an account for
dialectal difference in geminate articulation, there is
no aerodynamic measurement of the phenomenon.
These studies will not only enrich our understanding
of the phonetics of geminate voicing, but also give
some phonological implications regarding the
phenomenon.
This study reports only on voicing of geminates.
The comparison between geminates (weak voicing)
and singleton (complete voicing) will be needed.
The evaluation of voicing in the current study was
by visual inspection. Quantitative assessments
realization will be conducted in order to support our
discussion in future.
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Figure 6: Utterances of [dd] by speaker A

4. DISCUSSION
It is apparent that small periodic waves with small
amplitude continue throughout the constriction of
voiced geminates in Yamagata Japanese. Since
periodic waves reflect vocal vibration, the
articulation of voiced geminates in Yamagata
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respectively, the latter with a place-assimilated nasal
noun class (9/10) prefix.

ABSTRACT
The Bantu language Tumbuka, spoken in Malawi
and Zambia, has the vowel phonemes /i, e, a, o, u/
but no phonemic contrast in vowel length. In the
present study we measured the duration of vowels
before homorganic nasal-obstruent sequences (NC)
and compared them to the duration of vowels before
single obstruents for four speakers of Tumbuka.
With this data, we tested whether there is acoustic
support for the existence of a phonological process
of pre-NC lengthening, as reported for many other
Bantu languages. Our results provide no support for
such an interpretation in Tumbuka: pre-NC vowels
were only 10 ms longer than pre-obstruent vowels,
and though this difference was statistically
significant, it is below the just noticeable difference
for duration of 25 ms and therefore most likely not
perceivable. We conclude that the observed pre-NC
lengthening in Tumbuka is a purely co-articulatory,
phonetic process.
Keywords: vowel duration, Tumbuka,
sequences, compensatory lengthening, Bantu.

(1a)
(1b)

ku-ʤumpʰa
m-pʰindi
n-dege
ŋ-goma

‘to walk’
‘gourd’
‘bird, plane’
‘maize’

A process of pre-NC vowel lengthening is very
common in Bantu (see [22] for an overview), though
it does not seem to occur in all Bantu languages.
Downing & Mtenje [6], for instance, describe
Chichewa as not having pre-NC lengthening, and
this observation is supported by acoustic
measurements discussed in Hubbard [10, p.155].
In Bantu languages with a phonemic vowel
length contrast, the contrast typically neutralizes
before NC sequences. The outcome of this
neutralization, however, varies widely. Table 1 gives
an overview of experimental studies on vowel
duration in several Bantu languages and is an update
of a list compiled by Hubbard [11]. The languages in
Table 1 are ordered according to their outcome:
Languages with a VNC/V ratio (almost) identical to
the long-short vowel ratio (Vː/V) have complete
lengthening to [CVːNCV] and are given at the top of
the table. On the other end of the continuum are
languages with a VNC/V ratio of 1 and thus no
lengthening at all ([CVNCV]), as in CiTonga. Inbetween are languages where the VNC/V ratio is
larger than 1, but not identical to the Vː/V ratio,
indicating partial lengthening to [CVˑNCV].

NC

1. INTRODUCTION
Homorganic sequences of a nasal and an obstruent
(henceforth: NC) are common in Bantu languages
and can occur morpheme-internally or across
morpheme boundaries, due to place assimilation.
See the examples from Tumbuka in (1a) and (1b)

Table 1: Summary of previous experimental studies on the duration of short, long and pre-NC vowels in Bantu
languages, ordered from complete lengthening [CVːNCV] at the top to no lengthening [CVNCV] at the bottom.

Language
CiYao
Lusaamia
Kinyarwanda
Luganda
Runyambo
Sukuma
Bemba
CiTonga

V (ms)

Vː (ms)

VNC (ms)

61
65
96
73
110
129
122
100

132
194
169
237
215
280
245
241

130
187
158
191
168
200
164
101
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Vː/V ratio
2.2
3.0
1.8
3.2
2.0
2.2
2.0
2.4

VNC/V ratio
2.1
2.9
1.6
2.6
1.5
1.5
1.3
1.0

Source
[11]
[19]
[21]
[11, 9, 28]
[11]
[11, 18]
[8]
[11]

Outside the Bantu language family, pre-NC
lengthening also occurs, though far less frequently,
e.g. in Johore Malay [23], Noni (a Bantoid language
spoken in Cameroon [12]), and Southern-Cushitic
Iraqw [20] (all three discussed in [5]). An
experimental study on pre-NC lengthening in the
Austronesian languages Tamambo, Erromangan,
Vanuatu and Pamona is provided by Riehl [25].
The present study investigates whether the Bantu
language Tumbuka has pre-NC lengthening and if it
does, whether the process is categorical (similar to
what has been reported for CiYao) or partial (similar
to Runyambo or Bemba). For this purpose, an
acoustic analysis of vowel duration in pre-NC
sequences and before single obstruents was
performed. In contrast to the Bantu languages that
were investigated previously, summarized in Table
1, Tumbuka has no phonemic vowel length contrast.
The present study therefore contributes to
completing the typological picture of Bantu pre-NC
vowel duration by including a language without
phonemic vowel length contrasts.
As noted by Vogel & Spinu [28], data on pre-NC
vowel length in Bantu languages is usually restricted
to recordings of a single speaker or two, who have
often lived abroad for a considerable number of
years. The present experimental study of Tumbuka
is based on data from four speakers who were
recorded on location in Malawi, thus reducing the
risk of misrepresenting the language.
Pre-NC lengthening in Bantu languages has been
used in the literature as argument that on the surface
the following NC sequence is a complex single
consonant rather than a consonant cluster (e.g. [3,
11, 13]). This argument hinges on the assumption
that both the nasal and the following obstruent
project a mora and that the mora of the nasal reassociates exclusively with the preceding vowel in
the surface form to cause compensatory lengthening
of the vowel [14], see Downing [5] for an overview
of the discussion and an alternative proposal. The
present study follows Downing in the assumption
that no conclusion on the phonological status of the
NC sequence can be drawn on the basis of the
duration of the preceding vowel.
2. TUMBUKA
Tumbuka or Citumbuka is a Bantu language spoken
mainly in the northern region of Malawi but also in
the eastern part of Zambia. It belongs to the Narrow
Bantu group (Guthrie’s zone N.21, [7]), and is
spoken by at least 2.5 million speakers [2]. Previous
linguistic descriptions are restricted to work by
Christian missionaries in the late 19th and early 20th
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centuries and two more recent dissertations, one
focussing on its morphology [27], the other on its
morpho-syntactic structure [2]. Little is still known
about its phonetics and phonology. Tumbuka, in
contrast to many other Bantu languages, has only
short vowels, namely /i, e, a, o, u/. And unlike most
Bantu languages, it has no systematic tone contrast.
Rather, High tones predictably occur on the phrase
penultimate, lengthened, syllable [27].
In terms of syllable structure, Vail [27] describes
Tumbuka as having only open syllables, and
interprets NC sequences as sequences of two
phonemes, both associated with the syllable onset.
3. EXPERIMENTAL STUDY OF VOWEL
DURATION
3.1. Participants and recordings
Participants were four adult native speakers of
Tumbuka from northern Malawi, all multilingual.
The recordings were made by the third author
during a fieldwork trip in Mzuzu and Zomba,
Malawi, in 2013, and were conducted in relatively
quiet rooms, though some background noise could
not be avoided. Recordings were made directly onto
a MacBookPro laptop, using a SoundProjects LSM
microphone (with a sampling frequency of 44.1
kHz).
3.2. Stimuli
The participants read 108 sentences of varying
complexity at least twice, see the examples in (2)
(the relevant vowels in underscore). The target
vowels analysed in the present study were all in
unstressed and pretonic position and were followed
by a homorganic NC sequence. The C in these
sequences was restricted to the plosives /b, d, g, pʰ,
tʰ, kʰ/ and the affricates /dʒ, tʃ/ (though not equally
distributed), while the fricatives /v, z, h/ that also
occur in this position in Tumbuka were not included.
The stimuli set had a total of 41 target items. In the
34 control items, the vowel was also in unstressed
and pretonic position, but was followed by a single
obstruent from the class /b, d, dʒ, g, p, t, tʃ, k, pʰ, tʰ,
tʃʰ, kʰ, β, v, z, ɣ, f, s, h/. Fricatives had to be
included in the control items (though not present in
the target items) to attain a sufficiently large set of
controls.
(2a)

ŋkʰuzunura ‘m-pʰindi zinandi’ sono
“I am saying ‘PL-gourd many’ now.”

(2b)

wakapʰata mintʰavi ya kʰuni ili
“They pruned the branches of this tree.”

Figure 1: Example of determining vowel onset and offset in sequence /musambizgi/ “the teacher”
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The set of 75 items was repeated at least twice, by
four speakers, which yielded 618 tokens in total. Of
these, 27 tokens had to be discarded because they
showed too much background noise or a
considerable amount of vowel nasalization, which
made it impossible to determine the segment
boundary between vowel and following nasal.
The onset and offset of the vowel tokens was
determined and annotated in Praat [1] on the basis of
changes in formant movements and amplitude in the
spectrogram, and a change in wave patterns and
amplitude in the sound wave, see Figure 1 for an
example.
The vowel stimuli were furthermore categorized
in two groups (which were not equally distributed in
the stimuli set): high (/i/ and /u/) versus non-high
(/a/, /e/ and /o/), as high vowels are generally
shorter than non-high ones [17, 26].
3.3. Statistical analysis
The statistical analysis was carried out with a linear
mixed-effects model in the program R [24]. The
statistical model features the dependent variable
duration and the predictor type, i.e. target vowels
appearing before an NC cluster (NC) or control
vowels (C) appearing before an obstruent, and
height, i.e. whether the vowel is high (H) or nonhigh (L).
Additionally, two random variables were taken
into consideration: speaker and word. The model
also accounts for type and height, and the interaction
between them, as random slopes per speaker.
Contrasts were set accordingly (H = +0.5, L = –0.5;
NC = –0.5 and C = +0.5). The complete model is
given below:
duration ~ type * height + (type *
height | speaker) + (1 | word)
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3.4. Results
Non-high vowels were found to be longer than high
vowels, by 24 ms (95% confidence interval = –34 ..
–14 ms, t-value = –5.36). Furthermore, the analysis
showed that vowels before NC sequences were
longer than vowels before plosives, namely by 10
ms (95% confidence interval = –18 .. –2 ms, t-value
= –2.67). The interaction between type and vowel
height was not significant (effect size = 0.6 ms, 95%
confidence interval = –15 .. +14 ms, t-value = –
0.09).
Figure 1 displays the distribution of the vowels.
The average duration of vowels before NC sequence
was 83 ms, and that of vowels before obstruents 71
ms, resulting in a VNC/V ratio of 1.17.
Figure 2: The distribution of vowels before NC
sequences (solid line) and before single obstruents
(dotted line).
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As can be seen from Figure 2, there is a huge
overlap in the distribution of the vowels in the two
contexts.

4. DISCUSSION AND CONCLUSION
Our study showed that in Tumbuka, vowels before
NC sequences are longer than vowels before single
obstruents. Though statistically significant, the
difference between the vowels in the two contexts
was only 10 ms. This value is below the Just
Noticeable Difference (JND) for duration of 25 ms
or its logarithmic adjustment as a change in duration
of 20% [15], and therefore not expected to be
perceivable, though future perceptual studies will
have to show whether this is indeed the case.
From these results we conclude that there is a
very small effect of pre-NC lengthening in
Tumbuka, and that this lengthening process is partial
(not categorical) and thus purely phonetic.
The cause of the phonetic vowel lengthening
before NC sequences that we observed here is most
likely a coarticulatory effect, since the lowering of
the velum, which is required for a following nasal, is
slower than the raising of the lower lips or the
tongue (especially the tongue tip) that is required for
a following obstruent. We do not expect this
coarticulatory effect to emerge in phonologically
long vowels, since their longer duration provides
more time for a change in the position of the velum
and makes them less sensitive to a slight gestural
delay. These expectations are supported by a study
by Vogel & Spinu [28] on Luganda, which measured
vowel duration before nasal and non-nasal
consonants. In this study, phonologically short
vowels before nasals had a mean duration of 98 ms
and before non-nasals one of 90 ms, while long
vowels before nasals and before non-nasals were
almost identical in duration (with 172 ms and 173
ms, respectively).
Compared to other Bantu languages, the VNC/V
ratio of 1.17 that we found for Tumbuka places it at
the lower end of the language continuum in Table 1,
and thus together with CiTonga in the group of
languages that exhibit almost no pre-NC
lengthening. We can think of two reasons for this.
First, previous phonetic studies on pre-NC vowel
duration in Bantu (summarized in Table 1) all have
investigated languages with a phonological contrast
in vowel length. A possible hypothesis is thus that
considerable lengthening occurs only in languages
that have a phonemic vowel length contrast (as
already suggested by de Chene & Anderson [4]).
Future duration studies on (Bantu) languages
without phonemic length contrasts are needed to
show whether this hypothesis holds.
Second, the present study only measured
unstressed vowels while most previous studies
looked at stressed vowels. It could therefore be
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argued that pre-NC lengthening is restricted to
stressed position. This, however, is contradicted by
the findings in the study by Marlo & Brown on
Lusaamia [19], in which pre-NC vowels had a
similar duration to phonologically long vowels both
in stressed and in unstressed position (though all
vowels were significantly shorter in unstressed
position, as expected [16]).
The difference in duration between the two vowel
heights that we found in Tumbuka, with non-high
vowels being longer than high vowels, is not
surprising and in line with previous findings
reported for other languages (e.g. [17, 21, 26]).
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example, in the word (ʧunu)(sihi)-re ‘cushion-NPSD’
→ [ˌʧnusˈhi-re], syncope targets the weak first and
third vowels (underlined) but does not apply to the
strong second and fourth vowels (in bold) or to the
final vowel. Metrically-governed syncope of weak
vowels has parallels in other languages [2, 3, 4, 5]
and may be viewed as a strategy complementary to
lengthening of strong syllables for enhancing the
prominence of metrically strong syllables relative to
weak ones. In Mojeño, the final syllable never falls
in a metrically strong position; disyllabic words thus
display a trochaic pattern and do not undergo
syncope, e.g. (ˈjuku) ‘fire’. There are also forms in
which syncope of weak vowels underapplies [9].
Under the assumption that metrically strong
syllables are stressed and thus phonetically
prominent [3], the metrically-driven nature of
syncope in Mojeño Trinitario predicts the existence
of a distinction in acoustic prominence between
strong and weak syllables, only the latter of which
are targeted by syncope. Auditory impressions of
both authors are consistent with this prediction and
additionally suggest that the rightmost strong
syllable is the most prominent in a word [9]. This
paper aims to corroborate these impressionistic
observations through acoustic analysis, thereby
increasing cross-linguistic knowledge of the
mapping between metrical prominence and phonetic
correlates of stress, particularly secondary stress,
which has been subject to sparse phonetic
documentation [1].

ABSTRACT
This paper reports results of a phonetic study of
acoustic exponents of metrical prominence in
Mojeño Trinitario, an Arawak language of lowland
Bolivia. Mojeño Trinitario displays a rhythmic
syncope pattern that deletes vowels in non-final open
syllables in metrically weak positions. The acoustic
properties of duration, amplitude, and fundamental
frequency are consistent with the predominantly
iambic metrical parse predicted by rhythmic
syncope, although there is interspeaker variation in
how these properties are deployed to signal metrical
prominence. Phonetic evidence overall supports a
tripartite distinction between primary stressed,
secondary stressed, and unstressed syllables, where
the rightmost metrically strong syllable carries
primary word stress.
Keywords: Mojeño Trinitario, Arawak, stress,
syncope, prosody.
1. INTRODUCTION
Mojeño Trinitario is an Arawak language spoken in
lowland Bolivia by several thousand speakers [8].
Underlying syllable structure is simple, consisting of
only CV, where word-initial syllables may lack an
onset consonant. Surface syllable structure is more
complex, featuring complex onsets, coda consonants,
and long vowels due to a process of syncope that
rhythmically targets alternating vowels [9]. Mojeño
Trinitario morphology is highly agglutinating,
allowing for long words containing multiple
instances of syncope and paradigmatic alternations
in the vowel targeted by syncope. For example, the
root /ʧunusihi/ surfaces as [ʧnushi] when unprefixed,
e.g. [ˌʧnusˈhi-re] ‘cushion-NPSD’, but as [ʧunsihi]
when prefixed, e.g. [ˌn-ʧunˈsihi] ‘1SG-cushion’.
Syncope is not restricted by phonotactic
considerations and may yield virtually any type of
cluster. Its application is instead governed by
prosody, failing to affect word-final vowels or to
vowels in metrically strong syllables according to an
iambic (weak-strong) parse from left to right [9]. For

2. METHODOLOGY
A list of Mojeño Trinitario words was recorded in
medial position of a semantically neutral carrier
sentence using a Q8 handy video recorder at a
sampling rate of 44.1kHz via a head-mounted Shure
Beta 53 microphone. The embedding of target words
in a phrase reduced the likelihood of interference of
phrase boundary effects on word level prosody but
did not eliminate the possibility of the target word
being implicitly focused [7]. The present study is
based on 41 words varying in syllable structure (CV
or CVC, no CVV), number of syllables (2-5), the
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Figure 1: Spectrogram, F0 (blue) and amplitude (red)
1.019
of0[ˌetˈhopka] ‘if there is’
(speaker F1).	
  
Time (s)

application of syncope and the location of primary
stress (antepenult or penult). Each word (and its
associated carrier phrase) was repeated three times
after being prompted by the second author. The
sound files were imported into Praat where a script
extracted for each vowel a series of acoustic
measurements that have been demonstrated to
diagnose word stress in the cross-linguistic literature
[1]. Measured parameters for this study included
vowel duration, and mean (RMS) amplitude of the
vowel, and a series of fundamental frequency
measurements of the vowel. The amplitude values
were calculated relative to a reference vowel in the
carrier phrase to normalize for different gain levels
between and within recordings. Fundamental
frequency was measured at the beginning, middle
and end of the vowel, and minimum, maximum and
mean values for the entire vowel were calculated.
Spurious F0 values triggered by non-modal
phonation were discarded. F0 patterns were also
visually inspected to determine whether stress might
be associated with particular F0 contours. The results
for each acoustic parameter were subsequently
subjected to statistical analysis in R [6]: either
ANOVAs (where assumptions of the test were
satisfied) accompanied by pairwise Tukey HSD tests
or Welch’s t-tests (where an ANOVA was not
indicated). Results are drawn from four speakers
(three male and one female), who were middle-aged
and proficient (in varying degrees) in Spanish in
addition to Mojeño Trinitario.
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Figure 2: Spectrogram, F0 (blue) and amplitude
(red) of [ˌetˈhoçne] ‘there really is’ (speaker M1).
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3.1. Primary stressed vs. unstressed vowels
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As a first step in the quantitative analysis, words
containing a single metrically strong syllable and
displaying regular application of syncope were
analysed. In practice, this amounts to disyllabic
words consisting of a stressed followed by an
unstressed syllable since any pretonic unstressed
vowel (not lexically marked as being resistant to
syncope) is predicted to delete. Figures 3, 4, and 5
contain boxplots illustrating results for amplitude,
fundamental frequency, and duration, respectively,
for the four speakers, who diverge in their patterns
and are thus considered separately.
Amplitude patterns are most consistent: stressed
vowels are more intense than unstressed ones for all
speakers, though the magnitude of the difference
varies between speakers (Welch’s t-tests: Speaker
F1: t=4.74, df=76.83, p<.001; M1: t=14.84,
df=102.43, p<.001; M2: t=9.40, df=84.19, p<.001;
M3: t=5.02, df=123.86, p<.001).
F0 results differ between speakers. Speaker M3
has higher F0 values for stressed vowels (t=6.6858,
df=119.93, p<.001). M1 displays a similar general
pattern but the range of values for his unstressed
vowels overlaps almost completely with those of his
stressed vowels. Speaker F1 displays the opposite
pattern: higher F0 values for unstressed vowels

3. RESULTS
Figures 1 (from speaker F1) and 2 (from speaker
M1) contain spectrograms, F0 traces (in blue) and
amplitude curves (in red) for representative
trisyllabic words of the form ˌCVCˈCVCCV with
secondary stress on the first syllable and primary
stress on the second syllable. As is evident,
unstressed vowels are most reliably differentiated
from stressed vowels in having lower amplitude and
greater duration. F0 values on the other hand, differ
between the two speakers (possibly as a result of
different prosodic phrasing or a delayed F0 peak),
being highest on the primary stressed vowel for
speaker M1 but highest on the unstressed vowel for
speaker F1. Amplitude distinguishes primary and
secondary stress, although to different degrees
depending on speaker. In general, neither F0 level
nor F0 slope proved to be reliable cues to stress; to
simplify the presentation of F0 results, mean values
are thus provided as a proxy for other F0 parameters.

150

0

0.9046

Time (s)

3574

(t=3.6576, df=57.27, p<.001). Speaker M2 does not
distinguish F0 as a function of stress.
Turning to duration, only one speaker (F1) makes
a clear distinction between stressed and unstressed
vowels (t=3.76, df=71.49, p<.001). It is conceivable,
though, that the lack of a difference for the other
speakers is due to a final lengthening effect targeting
the unstressed vowel.

primary stress but above lack of stress. By targeting
metrically weak vowels, syncope ensures that the
majority of strong syllables before the primary stress
are closed (see section 1). Metrically weak vowels
only surface in non-final syllables that are lexically
marked as resistant to syncope, where likelihood of
underapplication is probabilistically determined
based on various phonological properties [9]. It is a
priori unclear whether vowels that are resistant to
syncope display this behavior because they are
lexically specified as blockers of syncope or whether
this resistance is an indirect consequence of being
lexically marked as stressed, which imbues them
with immunity to syncope. Only words with regular
application of syncope were thus included in the
present analysis, meaning that all vowels with
secondary stress occurred in closed syllables and all
unstressed vowels were word-final.
Figures 6, 7, and 8 contain boxplots illustrating
results for amplitude, fundamental frequency, and
duration, respectively. As in disyllables, amplitude
most reliably differentiates vowels by stress level.
For all speakers amplitude is greatest in primary
stressed vowels, lowest in unstressed vowels and
intermediate in secondary stressed vowels. The
robustness of distinctions, both overall and between
pairs of stress levels, differs between speakers, as
inspection of the R2 values (equivalent to effect sizes
in the models employed) in monofactorial ANOVAs
(independent variable=stress level) confirm: speaker
F1: F2,84=10.432, p<.001, adjusted R2=0.178;
Tukey’s posthoc tests: primary vs. unstressed,
p<.001, primary vs. secondary, p=.067, secondary
vs. unstressed, p=.060; M1: F2,69=44.907, p<.001,

Figure 3: Amplitude of primary stressed (light
gray) and unstressed (dark gray) vowels in
disyllables.

Figure 4: Mean F0 of primary stressed and
unstressed vowels in disyllables.

adj. R2=0.553; posthoc tests: primary vs. unstressed,
p<.001, primary vs. secondary, p=.002, secondary
vs. unstressed, p<.001; M2: F2,78=12.702, p<.001,

Figure 5: Duration of primary stressed and unstressed
vowels in disyllables.

adj. R2=	
  0.226; posthoc tests: primary vs. unstressed,
p<.001, primary vs. secondary, p=0.002, secondary
vs. unstressed, NS; M3: F2,63=3.218, p=0.047, adj.
R2=0.064; posthoc tests: primary vs. unstressed,
p=0.039, primary vs. secondary, NS, secondary vs.
unstressed, NS.
Turning to F0, only one speaker (M3) displays an
overall effect of stress level but he does not
distinguish secondary stressed from unstressed
vowels: F2,63=23.238, p<.001, adjusted R2=0.406;
posthoc tests: primary vs. unstressed, p<.001,
primary vs. secondary, p<.001, secondary vs.
unstressed, NS. Speaker M1 displays a similar

3.2. Secondary stress
The next phase of the study explored the acoustic
evidence for a secondary level of prominence below
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tripartite hierarchy but sizable variance among
unstressed tokens.

but also that unstressed vowels are longer than
stressed ones: Tukey’s posthoc tests: primary vs.
unstressed, p=0.021, primary vs. secondary,
p=0.039, secondary vs. unstressed, p<.001).

Figure 6: Amplitude of primary stressed (light
gray), secondary stressed (medium gray), and
unstressed (dark gray) vowels.

4. DISCUSSION
Of the measured parameters, amplitude is the most
robust correlate of stress in Mojeño Trinitario and
the only property that supports a tripartite distinction
between primary stressed vowels, secondary stressed
vowels, and unstressed vowels for a majority of
speakers. Duration and F0 are less reliable
diagnostics for stress, showing considerable
interspeaker variation and failing to reliably
distinguish three degrees of stress. The inconsistent
role of F0 and duration in signalling word stress
potentially owes to interference from independent
prosodic effects: preboundary lengthening of
unstressed vowels in the case of duration and the
reservation of F0 as a cue to pitch accent or phrase
boundaries [1]. It may also be noted that duration is
in a sense already recruited as a marker of stress
through syncope itself, which plausibly arose
through gradual durational reduction of unstressed
vowels that eventually became phonologized.
Evidence for secondary stress was in general less
compelling than support for primary stress, a result
that mirrors results from other languages in which
secondary stress has been acoustically investigated
[1]. Amplitude data were nevertheless consistent
with the secondary stresses predicted by the metrical
parses hypothesized to motivate syncope patterns.

Figure 7: Mean F0 of primary stressed, secondary
stressed, and unstressed vowels.

Figure 8: Duration of primary stressed, secondary
stressed, and unstressed vowels.

5. SUMMARY

	
  

	
  

For duration, the most prevalent pattern is for
primary stressed and unstressed vowels to be longer
than secondary stressed vowels. Only for speaker
M1, however, are durational distinctions statistically
robust according to an ANOVA: F2,69=13.705,
p<.001, adjusted R2=0.264. Pairwise comparisons
for M1 indicate, however, that not only are primary
stressed vowels longer than secondary stressed ones
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Acoustic examination of stress correlates offers
general support for the metrical patterns adduced by
rhythmic syncope in Mojeño Trinitario. Vowels that
are resistant to syncope because they occur in
metrically strong positions are characteristically
more prominent acoustically (inferable as stressed)
than those in weak positions, although this
prominence is subject to interspeaker and
interparameter variation. Future work taking into
account prosodic phrasing and other potential cues to
stress (e.g. vowel quality, spectral tilt), also in words
in which syncope unexpectedly fails to apply to
metrically weak vowels, might yield further into the
acoustic manifestation of stress and its relationship
to the metrical structures predictive of syncope.
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ABSTRACT
Prosodic focus is generally realised by expanded
pitch range, lengthened duration and increased
intensity on the focused components, while the postfocus components may be associated with a
compressed pitch range and intensity, which is
referred to as post-focus compression (PFC).
However, controversy surrounds whether PFC exists
cross-linguistically, and detailed studies on how
focus influences duration and intensity are scarce.
This study aims to contribute novel data to the
prosodic typology literature by examining the effects
of focus on duration and intensity in Chongming
Chinese (CC). Twenty target words were embedded
under different focus conditions, and the production
data were submitted for linear-mixed effects models.
Our results showed focus-induced change of duration
and intensity (i.e., lengthened duration and a larger
intensity range under focus) as well as PFC of
duration and intensity range in CC.

the influences of both tone and focus on pitch
realisation. However, little is known about the effects
of focus on duration and intensity. Following this line
of research, the current project aims to investigate the
realisation of prosodic focus in a tone language,
Chongming Chinese (CC), and attempts to examine
the interaction between focus and tone and their
influence on duration and intensity.
CC is an under-documented Chinese dialect that is
mainly spoken in Chongming County, Qidong City
and Haimen City in Eastern China. Because possible
variations of tonal representation among different age
groups have been indicated [9], we examined the
older version of this dialect and invited only middleaged speakers. As shown in Table 1 (adapted from
[10]), CC has eight lexical tones, of which two are
level tones (Tones 1 and 5), four are contour tones
(Tones 2, 3, 4 and 6) and the remaining two are
checked tones (Tones 7 and 8). Adopting the fivepoint tone scale of [11], we used 5 to represent the
highest pitch level and 1 for the lowest.
Table 1: Tone system in CC.

Keywords: focus, prosody, duration, intensity,
Chongming Chinese
1. INTRODUCTION
Prosodic focus highlights part of an utterance and is
generally realised by expanded pitch range,
lengthened duration and increased intensity on the
focused components [1]. The post-focus components
may be associated with reduced or compressed pitch
range [2], [3], the phenomenon of which has been
coined as post-focus compression (PFC) [4].
However, the presence or absence of PFC seems to
vary even within the same language family [5].
Another issue worthy of examination is the
potential interaction between prosodic focus and
lexical tones in tone languages. Tone languages use
pitch to distinguish lexical items, which may interact
with or even prevent the realisation of prosodic focus.
According to [6], focus is not expressed by prosodic
means in Yucatec Maya, which the authors attributed
to the fact that pitch is already used for marking tones.
Meanwhile, [7] and [8] reported the effect of focus on
the pitch curves of local tone-bearing units, revealing
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Tone
Pitch
value

1

2

3

4

5

6

7

8

55

24

424

242

33

313

5

2

Based on the gaps in the field, the current paper is
an attempt to address the following research questions:
1) What are the effects of focus and tone on
duration and intensity in CC?
2) Is PFC present or absent in CC? If present, how
is it realised?
2. METHOD
2.1. Participants

Twelve native speakers of CC (six females; six
males) aged between 38 and 57 (mean ± SD: 52.00 ±
4.53) were recruited. They self-reported that CC is
their native and dominant language as well as the
language they use for daily communication. No
participants have received formal musical training,
and none reported any history of speaking, hearing or
language difficulty.

2.2. Stimuli and procedure

Twenty monosyllabic words varying in tones were
selected as the target stimuli. Because [10] observed
that the vowel [æ] bears the largest range of tones for
different onsets in CC, we included twelve words
containing [æ] and further added another eight words.
We also considered the context effect and selected
two preceding and following syllables respectively.
The stimuli were then embedded in carrier phrases
with different contextual combinations.
We manipulated four focus conditions: neutral,
initial, medial and final foci. For the neutral focus
condition, the participants were instructed to read the
target sentence at a normal speech rate. For the
remaining three conditions, precursor questions were
asked to elicit different focus locations. The
participants then answered the questions using the
texts shown on a computer screen. The focus was
located on the preceding syllable for the initial focus
condition, on the target syllable for the medial focus
condition and on the following syllable for the final
focus condition. In total, there were 3,840 sentences
(20 target syllables * 4 contexts * 4 foci * 12
speakers).
The recording took place in a quiet room in
Qidong City. The stimuli were randomly presented in
E-Prime [12] on one PC, and all the utterances were
recorded with Praat [13] on another PC.

target syllables. No two-way interactions reached
significance. The unfocused syllables were 12.3 ms
shorter than the focused ones (p < .001) and 9.6 ms
longer than the post-focused ones (p = .003).
We then analysed each tone individually to
prevent any net effect [20]. Main effect of focus and
preceding syllable was significant for most of the
tones. The average duration values for each tone and
focus condition are plotted in Figure 1.
Figure 1: Duration by tone and focus.

Table 2: Models comparing duration of neutral and
medial foci (neutral as the baseline).

2.3. Data analysis

The sonorants of the preceding, target and following
syllables were manually segmented by trained
phoneticians using Praat. The criteria for
segmentation followed the conventions described in
[14]. After the segmentation, duration and intensity
values were extracted using the ProsodyPro Praat
script [15].
To test the focus effect and PFC, the medial and
initial foci (each corresponding to focused and postfocused syllables) were compared with the neutral
focus (unfocused syllables). The final focus was not
included in the analysis. We first examined how
duration was affected by focus, tone and context with
linear mixed effects models [16], [17] in R [18]. Next,
we compared how intensity contour and range were
affected by these variables. The figures were plotted
using the ‘ggplot2’ [19] package.
3. RESULTS
3.1. Duration

Main effects of focus (t[2] = 36.576, p < .001), tone
(t[7] = 728.04, p < .001) and preceding syllable (t[1]
= 27.629, p < .001) were found for the duration of the
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Tone
Tone 1
Tone 2
Tone 3
Tone 4
Tone 5
Tone 6
Tone 7
Tone 8

Estimate
0.2395
21.51
16.041
7.656
16.173
18.63
15.269
5.067

SE
9.4466
10.71
7.802
7.439
8.899
12.52
6.364
8.472

t value
0.025
2.008
2.056
1.029
1.817
1.489
2.399
0.598

Pr(>|t|)
0.980
0.0462*
0.0407*
0.3049
0.0702
0.138
0.0171*
0.55

Table 3: Models comparing duration of neutral and
initial foci (neutral as the baseline).
Tone
Tone 1
Tone 2
Tone 3
Tone 4
Tone 5
Tone 6
Tone 7
Tone 8

Estimate
-30.359
-0.0291
-4.964
-10.25
-5.111
-15.97
-2.904
-5.666

SE
8.880
9.4487
7.817
7.04
8.501
10.98
6.328
7.478

t value
-3.419
-0.003
-0.635
-1.456
-0.601
-1.455
-0.459
-0.758

Pr(>|t|)
0.0007***
0.9975
0.526
0.1472
0.548
0.147
0.647
0.4497

We then fitted models for each tone and focus pair
(initial and medial foci with the neutral focus) to
examine the focus effects in detail. In general, the

focused syllables had longer duration than their
unfocused counterparts as shown in Table 2, while the
unfocused ones were longer than the post-focused
syllables, as in Table 3.
Our data showed consistent lengthening of the
focused syllables across tones as well as decreased
duration of post-focused syllables in CC.
3.2. Intensity

For intensity values, we first analysed the effects of
the variables on the 20 normalised time points.
Significant main effects of focus (t[2] = 4484.2, p <
.001), tone (t[7] = 954.74, p < .001), preceding
syllable (t[1] = 7.928, p = .005) and following syllable
(t[1] = 22.02, p < .001) were found. There was a
significant two-way interaction between focus and
tone (t[14] = 117.17, p < .001). Both focused and
post-focused syllables were larger in intensity than
the unfocused ones (p < .001 for both).
Again, each tone was analysed individually. Focus
significantly influenced the intensity values of all
tones. There was a significant main effect of the
following syllable for three tones and a significant
main effect of the preceding syllable for only one tone.
The intensity contours are shown in Figure 2.
Figure 2: Intensity contours by tone and focus.

Table 5: Models comparing intensity contours of
neutral and initial foci (neutral as the baseline).
Tone
Tone 1
Tone 2
Tone 3
Tone 4
Tone 5
Tone 6
Tone 7
Tone 8

Estimate
5.06633
4.15122
4.04182
4.74471
4.25464
3.56077
3.75645
3.57443

SE
0.20186
0.25920
0.19324
0.26302
0.20452
0.23944
0.19452
0.26343

t value
25.10
16.015
20.92
18.04
20.80
14.871
19.31
13.57

Pr(>|t|)
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***

We also fitted models for intensity under each tone
and focus pair. The focused syllables had
significantly lower intensity than their unfocused and
post-focused counterparts under all tones, as listed in
Tables 4 and 5.
Next, we calculated the intensity range of each
syllable and fitted new models with the range as the
dependent variable. Significant main effects of focus
(t[2] = 70.158, p < .001), tone (t[7] = 183.72, p <
.001), preceding syllable (t[1] = 38.46, p < .001) and
following syllable (t[1] = 19.402, p < .001) were
found. The unfocused syllables had a smaller
intensity range than the focused ones (p < .001) but a
larger intensity range than the post-focused ones (p <
.001), although the differences were small (roughly 1
dB difference for each pair). The intensity range by
tone and focus is plotted in Figure 3.
Figure 3: Intensity range by tone and focus.

Table 4: Models comparing intensity contours of
neutral and medial foci (neutral as the baseline).
Tone
Tone 1
Tone 2
Tone 3
Tone 4
Tone 5
Tone 6
Tone 7
Tone 8

Estimate
4.70212
5.02184
3.94376
4.97827
4.3995
4.21083
4.88643
5.2463

SE
0.19440
0.28110
0.21981
0.27739
0.2083
0.27651
0.21607
0.2648

t value
24.19
17.865
17.94
17.95
21.12
15.228
22.61
19.81

Pr(>|t|)
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***
< 2e-16***

The models comparing the intensity range of
different focus pairs are listed in Tables 6 and 7,
which reveal a general trend of the focused syllables
exhibiting a larger intensity range than their
unfocused counterparts and the unfocused syllables
showing a larger range than the post-focused ones.
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Table 6: Models comparing intensity range of
neutral and medial foci (neutral as the baseline).
Tone
Tone 1
Tone 2
Tone 3
Tone 4
Tone 5
Tone 6
Tone 7
Tone 8

Estimate
-0.04005
1.5316
1.1029
0.8703
1.3304
0.6251
1.8671
0.3369

SE
0.68995
0.7602
0.6884
0.7595
0.6494
0.9192
0.6009
0.8135

t value
-0.058
2.015
1.602
1.146
2.049
0.68
3.107
0.414

Pr(>|t|)
0.954
0.0454*
0.11
0.253
0.0414*
0.497
0.00209**
0.679

Table 7: Models comparing intensity range of
neutral and initial foci (neutral as the baseline).
Tone
Tone 1
Tone 2
Tone 3
Tone 4
Tone 5
Tone 6
Tone 7
Tone 8

Estimate
-2.2625
-1.1360
-0.8702
-0.5336
-0.5130
-3.2363
-0.7216
-1.2475

SE
0.6093
0.7945
0.6782
0.7047
0.5999
0.8037
0.6023
0.7776

t value
-3.713
-1.43
-1.283
-0.757
-0.855
-4.027
-1.198
-1.604

Pr(>|t|)
0.00025***
0.155
0.201
0.45
0.393
8.4e-05***
0.232
0.11

4. DISCUSSION
In this study, we investigated the effects of focus and
tone on duration and intensity in CC, an under-studied
tone language. Main effects of focus and tone on
duration and intensity (both contour and range) were
found, and a two-way interaction between focus and
tone for intensity contour was evident. An earlier
study showed that the focused syllables in CC have
expanded pitch contour than their unfocused
counterparts [8], and our data proved that the focused
syllables also exhibit lengthened duration, higher
intensity and a larger intensity range. Taken together,
these results suggest that, typologically, CC belongs
to the languages that have typical realisation of
prosodic focus [21], [22].
In terms of PFC, the duration values were reduced
in the post-focus position, although the effect of such
reduction was not robust. In fact, only the overall
reduction of all tones and that of Tone 1 were
statistically significant. A similar pattern was found
for the intensity range, where only the compression of
intensity range for all the syllables and Tones 1 and 6
reached significance. Although we provided some
evidence for PFC [4], [5] using novel data from CC,
it seems that PFC is especially prominent for the high
level Tone 1 in CC. This echoes the findings in [23],
where PFC occurred exclusively after a pitch accent
in Japanese, and the authors postulated that PFC may
be realised conditionally depending on languagespecific features. Subsequent studies may design
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more thorough tests to investigate how exactly PFC
is realised and conditioned in CC.
Although we have demonstrated the [+PFC]
feature of CC, a noteworthy point is that the postfocused syllables were above the unfocused syllables
in intensity contour as shown in Figure 2. This is
strikingly different from many languages (e.g.,
Korean [24] and Persian [25]), wherein post-focused
syllables all exhibit decreased intensity. This
divergence might be the result of different focus
domains [26] or syntactic structures [27]. The focus
domain of a language may be a syllable, a word or a
phrase. If the focus domain of CC is a phrase, and in
our case, this phrase includes the preceding syllable
as a verb and the target syllable as its object, then the
target syllable is still within the focus domain even if
it is under the post-focus condition. Another possible
explanation has to do with the syntactic structure of
our stimuli. Unlike most of the studies on prosodic
focus (e.g., [28]), the target syllable in our study was
the object of the preceding syllable. NP and VP foci
are usually realised differently [27], and recent
evidence suggests that the patterns of focus
realisation may vary even within complex NPs [29],
[30]. It is thus not surprising that our data do not
conform to previous findings. If either the focus
domain effect or the syntactic structure effect is true,
we can also explain why the post-focus reduction of
duration is not robust in our data. Again, further
investigations are required to test these hypotheses.
Another interesting point is the possible
interaction between tone and duration in focus
realisation. Earlier work on intonation language
revealed typological differences in the interaction
between accented syllables and duration when
marking focus [31]. Because lexical tone also
influences syllable duration, it is necessary for future
studies to confirm whether and how lexical tone and
duration interact and how they affect focus realisation
in CC.
In conclusion, there is focus-induced change of
duration and intensity as well as PFC of duration and
intensity range in CC. However, the exact conditions
governing PFC realisation in CC remain unknown.
Attention should also be paid to the scope of focus
domain and syntactic structure to gain a better
understanding of prosodic focus.
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ABSTRACT
This quantitative study examines the phonetic
exponents of word-level stress in Ashaninka, an
Arawak language of Peru, ISO-639-3 cni; glottocode
asha1243. The variety under study is spoken in the
Districts of Rio Negro, Satipo, Mazamari, and Llayla
of the Satipo province, and District of Pichanaki of
the Chanchamayo province of Junín Region. The
analysis of Ashaninka word-level stress is based on
the audio corpus of elicited speech made during
focused fieldwork in the research community. The
study results indicate that the right edge oriented
primary stress is cued by two robust phonetic
exponents, such as duration and intensity. The left
edge oriented secondary stress is expressed via
intensity. Vowel quality is not a statistically
significant correlate to stress in the elicited data,
except for the mid back /o/ whose formant structure
is indicative of the levels of stress.
Keywords: Ashaninka, Arawak, word-level stress,
primary stress, secondary stress, phonetic exponents.
1. INTRODUCTION
1.1. Study’s significance and objectives

Ashaninka is an Arawak language of Peru, ISO-6393 cni; glottocode asha1243. The language is a
member of the Northern Kampa subgrouping of
Arawak. The variety under study is spoken in the
Districts of Rio Negro, Satipo, Mazamari, and Llayla
of the Satipo province, and District of Pichanaki of
the Chanchamayo province, Junín Region. The ethnic
base of the research community is estimated to be less
than 10,000 people. Most households are engaged in
commercial agricultural activities. The language is
spoken by the majority of adults in the parental and
grandparental generations.
This research is important for two reasons. First,
the study provides the first focused description of
word-level stress in Ashaninka. It makes a critical
distinction between word-level stress, i.e. stress in
non-initial and non-final words, and phrasal stress
described with reference to prosodic units higher than
words. Prior publications do not acknowledge this
distinction. The existing works exclusively focus on
phonological analyses of segmental inventory and
prosody. They include a brief description of
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Ashaninka phonemes, syllable structure, and stress
[5], an inconclusive qualitative study of stress [11],
and
an
illustrative
dataset
of
basic
(morpho)phonological patterns [1]. None of these
sources explores phonetic correlates of Ashaninka
word-level stress.
Second, this research is the first quantitative
analysis of word-level stress in an Arawak language.
Across languages, stressed syllables are known to be
cued by a combination of or any of the several
phonetic parameters such as greater intensity
(loudness), longer duration, higher pitch, and more
accurate speech sound articulation in vowels vis-à-vis
more peripheral vowels in stressed or secondary
stressed vowels compared to unstressed vowels [6, 7,
13]. There is an overall dearth of acoustic and
statistical research on the phonetic exponence of
word-level stress in the indigenous languages of
South America. To the best of our knowledge, there
are few: on Émérillon, Tupi-Guarani, and Quechua
[8, 9, 10]. The study’s novel empirical data and the
quantitative approach taken up to the analysis of the
subject-matter render the study results highly
important to South Americanists. Moreover, the
study’s insights are envisioned to be of significant
value to prosodic typologists.
The study’s narrow objective is to investigate the
role of duration (§3.1), intensity (§3.2), f0 (§3.3), and
vowel quality (§3.4) in the realization of Ashaninka
word-level prominence. The broad objective is to
contribute to the pool of acoustic phonetic analyses of
the stress systems of South American indigenous
languages.
1.2. Phonemic inventory

The consonants include the voiceless stops /p, t, ṯʲ, k/
and affricates /ʦʰ/ and /ʧ/, two sibilant fricatives /s/
and /ʃ/; one glottal fricative /h/; one liquid with a flap
articulation /ɾ/; two glides, the bilabial approximant
/ß͎/ and the palatal glide /j/. The language has three
nasal stops /m, n, ɲ/. Nasal stops /m, n, ɲ/ contrast
with the placeless nasal N which occurs wordmedially, following a vowel in coda position; N
assimilates to a following obstruent, either a stop or
an affricate. The systematic production of the
alveolo-palatal stop /ṯʲ/ and palatal nasal /ɲ/ are
observed among the speakers of the lower section of
the Perené river. There are four short vowels /i, e, o,
a/ and four corresponding long vowels. There are four

falling and two rising diphthongs, /ai, ao, oi, ei/ and
/io, ea/ respectively. Two monophthongal vowels are
front vowels, high /i/ and close-mid /e/, one low,
open, near-front /a/, and one back vowel, mid-central
/o/. The study investigates the phonetic correlates of
the short vowels; an investigation of the long vowels
will be conducted in future work.
1.3. Phonological/prosodic word (P-word)

with primary stress being right edge-oriented and
secondary stress located at the opposite end.
Secondary stress is weight-sensitive, drawn to a
heavy syllable within a trisyllabic window. When the
initial and peninitial syllables are light, secondary
stress tends to land on the peninitial syllable, e.g,
/na.ˌɾo.sa.ti.ˈhei/ ‘we ourselves’.
2. METHODS

The Ashaninka P- and M-words (P and M stand for
phonological/prosodic and morphological words,
respectively) are often isomorphic. Mismatches arise
due to the high frequency of multiple pragmatic
enclitics which behave like autonomous prosodic
units forming their own stress domains. The P-word
is the domain of the language-specific application of
phonotactic constraints. Segmental restrictions at the
P-word boundaries disallow the word-final coda and
the word-initial rhotic /ɾ/ in the onset position. At the
syllable level, phonotactics restricts the minimal
syllable shape V to word-initial position. A wordmedial syllable could be closed by the only allowable
single consonant, the placeless nasal N. The P-word
minimality criterion requires two syllables to form a
P-word. The P-word diagnostics include numerous
phonological rules exemplified by the intervocalic
voicing of stops and affricates, epenthesis of the
consonantal element /t/ to break the illicit vowel
hiatus, and many others. The primary stress location
within a P-word is determined in terms of its
orientation with respect to the word boundaries (see
§1.4 for details).
1.4. Syllable structure and stress

The stress system is sensitive to the internal structure
of the syllable rime. There are heavy (H) and light (L)
syllables. The dividing line between heavy and light
syllables falls between CVV(N), CV1V2(N) vs.
CV(N). Heavy syllables contain branching nuclei
(and optionally a coda, the placeless nasal N). Light
syllables are CVN and CV.
The dominant stress patterns are penultimate and
antepenultimate, with the ultimate pattern also
present. The stress window is maximally trisyllabic.
In disyllabic words, for the syllables of equal weight,
the stress window is left-headed, (HH)], (LL)], e.g.,
/ˈkea. ɾio/ ‘it is true’, /ˈe.ni/ ‘river’. In trisyllabic
words, for light syllables the stress window is rightheaded, with an extrametrical syllable present,
(LL)σ], e.g., /kon.ˈto.na/ ‘bird species’, but a mixed
pattern is observed for heavy syllables. In
multisyllabic words, stress placement is often
unpredictable: the stress window consisting of light
syllables could be either left- or right-headed; heavy
syllables
are
left-headed,
H(HH)],
e.g.,
/i.ˌɾi.ma.na.ta.ß̞a.ˌkaː.ˈhei.tea/ ‘they all will fight each
other’. Words have a bidirectional rhythmic structure,
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The current study is based on the first author’s
research into the Ashaninka prosodic system carried
out during her multiple field trips to Peru, spanning
the period of ten months. The audio corpus consists
of natural discourse data and elicited word lists and
sentences totaling 21 hours. The recordings were
made in the villages of Impitato Cascada, Teoria,
Pucharini, Rio Negro, Milagro, and Shaanki, and in
the town of Satipo. The 6-hour audio recordings of
elicited speech were produced by 6 literate speakers
(3 females and 3 males). The elicited speech was
recorded in February 2018 in the office of the local
association of bilingual teachers in Satipo. All field
recordings were made at a sampling rate of 44.1 kHz
onto a Marantz (PMD 661) solid state recorder. The
literate speakers are in the age group of 30 years and
older, but none is older 50. All are bilingual in
Spanish and Ashaninka. This study focuses on the
examination of the elicited data; stress patterns and
phonetic exponents of stress in discourse data will be
investigated in the future.
The methodology included documentary
fieldwork; audio recordings of the meetings with the
data providers; elicitation of speakers’ judgments on
the word-level prominence patterns; and instrumental
methods. Prior to fieldwork, lists of nouns and verbs,
embedded in carrier sentences were designed. Two
datasets were created: one for measuring the phonetic
correlates of primary stress syllables (16 utterances),
and another for examining non-primary stress in
verbal words (12 utterances). The carrier sentences
consisted of three words each, with the target placed
sentence-medially to control for phrasal effects
(phrasal prominence is attracted to left edges of
phrases). All carrier sentences were neutral (nonfocal). The number of recorded words and clauses
averaged 160 per each person. The recorded material
was transferred to the first author’s laptop and sliced
up into sound files using the audio editor software
Audacity [2]. Acoustic analysis and annotation were
carried out with the help of the speech analysis
software Praat [4]. The analysis included the
following measurements: target vowels duration,
fundamental frequency (f0), intensity, and F1 and F2
taken at mid-point of the vowel in the syllables
annotated as primary stressed, secondary stressed,
and unstressed. The acoustic and durational
characteristics of the four vowel phonemes /i, a, o, e/

were extracted with the help of a Praat script and
imported into R for statistical analysis [12]. The
values for the vowel tokens labelled as ‘primary
stressed’ and ‘unstressed’ were extracted from the
first subset (nouns), while ‘secondary stressed’
vowels were examined in verbs in clauses where
verbs were non-initial. All vowels were only
measured in non-phrase final syllables (in order to
avoid any potential lengthening at the right boundary)
and also excluded onsetless syllables. Liner mixedeffects models using the lme4 package [3] were
applied to each of the measures, with random slopes
of speaker and word, except for the formant
measurements, where a model with speaker as an
independent variable was a better fit. Likelihood
ratios were used to check for validity of each model,
and differences were reported with the help of
Tukey’s Honest Significant Difference post-hoc test.
In the case of f0, the data were examined separately
for male and female participants to account for gender
differences in the use of pitch range.

Figure 1: Box and whisker plot for vowel duration
(ms) presented as a function of stress level (S-primary
stressed, SS-secondary stressed, U-unstressed).

Figure 2: Box and whisker plot for intensity (dB)
presented as a function of stress level (S-primary
stressed, SS-secondary stressed, U-unstressed).

3. RESULTS
3.1. Duration

Figure 1 shows vowel duration for the three levels of
stress. The likelihood ratio test shows that there is a
significant effect of stress level (χ²(9)=30.7,
p<0.001). Post-hoc Tukey confirmed that the primary
stressed vowels were significantly longer than
secondary stressed and unstressed vowels (S-U:
z=6.5, p<0.001; S-SS: z=3.49, p<0.001), while no
significant differences were found between
secondary stressed and unstressed vowels. Vowel
quality was also shown to have an effect: vowel /i/
was consistently shorter than vowels /e/ and /o/ in
syllables with primary and secondary stress (/o-i/:
z=3.08, p<0.05; /e-i/: z=2.9, p<0.0.5). The durational
difference between unstressed and secondary stressed
vowels did not reach significance; there was a large
degree of inter-speaker variation in the production of
secondary stressed vowels.
3.2. Intensity

Intensity patterns for the three levels of stress are
shown in Figure 2. The analysis confirms a significant
effect of stress level on intensity (χ²(4)=30.57,
p<0.001). The speakers are clearly making a
distinction across the levels based on this parameter.
The data also consistently show that secondary
stressed syllables exhibit a higher increase in intensity
compared to primary stressed syllables (SS-S: z=2.5,
p<0.05; SS-U: z=5.11, p<0.001; S-U: z=5.8,
p<0.001). Compared with duration, this suggests that
intensity is the most salient cue to secondary stress.
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3.3. Fundamental frequency (f0)

The results for f0 are illustrated in Figures 3a-b.
Figures 3a-b: Box and whisker plot for f0 presented
as a function of stress level for male (3a) and female
speakers (3b) (S-primary stressed, SS-secondary
stressed, U-unstressed).

3a)

have produced a large number of tokens with slightly
lower F1 values. This result is further confirmed by
the examination of formant frequencies for each
speaker individually.
The results for the vowel /o/ are more consistent.
They show differences across the three levels of
stress. Higher F2 values are observed in unstressed
syllables, indicating more centralized productions
(t=2.39, p<0.05), and lower F1 values in secondary
stressed syllables compared to stressed/unstressed
vowel productions (t=-2.537, p=0.02).

3b)

Figures 4a-b: F1 and F2 at mid-points of the four short
vowels in stressed (S), secondary stressed (SS), and
unstressed (U) positions.

4a)

250

Vowel /i/

S U SS

500

F1 (Hz)

The emerging pattern suggests that f0 is not a
reliable cue to stress at the word level. No significant
differences were observed between primary,
secondary and unstressed
syllables (p>0.05).
However, this result is inconclusive. Two male and
one female speakers consistently produced primary
stressed and secondary stressed syllables with higher
pitch compared to unstressed syllables. A further
analysis is needed that will include a wider range of
tokens with secondary stressed syllables.

S
SS

750

U

1000
Vowel /a/

1250

3000

2000

pink - S
green - SS
blue - U

F2 (Hz) 1000

0

4b)

The results for F1 and F2 measured at the mid-point
of the target vowels are shown in Figures 4a and 4b.
Compared to other acoustic measurements, F1 and F2
values demonstrate a more complex pattern of interspeaker variation. While the likelihood ratio tests
found the effect of vowel and speaker for both F1
(χ²(30)=92.7, p<0.001) and F2 (χ²(29)=80.8,
p<0.001), the effect of stress level was not significant
(p>0.05). However, the tests provide evidence of
interaction between the stress level and the speaker,
and the stress level and the vowel for both formants
of the non-front vowels /a/ and especially /o/.
As can be seen in the figures, the ellipses for the
front vowels /i/ and /e/ in stressed and unstressed
positions exhibit an overlap in the speakers’ vowel
space, and thus demonstrate marginal differences in
the formant structure. For the vowel /e/, there is some
lowering and centralization in unstressed positions
for three speakers out of six, but the differences are
not robust. Several speakers produce the /i/ vowel
with a higher F1 in unstressed positions, but there is
no consistency. Yet in secondary stressed syllables,
some speakers lower the F2 and produce a more
centralized vowel /i/, as shown in Figure 4a.
For the vowel /a/, the difference between the
stressed/secondary stressed and unstressed syllables
does not reach statistical significance for both F1 and
F2 (p>0.05). Overall, there is a great deal of intra- and
interspeaker variation, yet five out of six speakers
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4. CONCLUSION
The study’s results have shown that Ashaninka makes
clear distinctions among three levels of stress:
primary and secondary stress, and lack of stress in the
elicited data. Duration and intensity are robust
phonetic cues of primary stress. Intensity is the
correlate of secondary stress. The evidence for f0 as
one of the phonetic exponents of stress is
inconclusive. The limited use of fundamental
frequency as a phonetic exponent of primary and
secondary stress is attested among some speakers.
Formant structure is not a statistically significant
correlate to stress for the non-back vowels /i, e, a/, but
it has been shown to indicate the levels of stress for
the back vowel /o/.
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ABSTRACT
This study presents the formant frequencies of the
vowels which are symbolized in the previous studies
as [i ɿ u ɯ o y ɑ ɛ ɔ ɚ ɛ̃ ʊ͂] in CV, [æ ʊ ɑ ə ɔ] in
CV[ʔ], and [ɑ i ə ɔ] in CV[ŋ] syllables in Taizhou
Chinese. Praat was used to perform LPC analysis of
the Taizhou vowels elicited from two male and two
female native speakers. The analysed vowel formant
data show that (i) in CV syllables, [i] is close to [ɿ];
[u ɯ o] are like [ɯ ɨ u], respectively; [ɛ] should be
[ei] or [ɛi], whereas [ɛ]̃ is [ɛ]; (ii) in CV[ʔ] syllables,
[æ ʊ ɑ] are likely to be [ɛ u a]; and (iii) in CV[ŋ]
syllables, [ɑ] is [a]. The formant data give support to
the phonetic description of the Taizhou vowels.
Keywords: Vowel formant frequencies, acoustic
analysis, Taizhou vowels.
1. INTRODUCTION
Taizhou is one of the main cities in Jiangsu
Province, located at the north bank of Yangtze
River. The dialect spoken in Taizhou is classified as
a member in the Mandarin dialect group according
to [2]. Taizhou dialect is also considered as the
representative of the dialects distributed in the
boundary region between Lower Yangtze Mandarin
and the Northern Wu dialects [6]. As suggested in
[4] and [1], there are similarities between Taizhou
dialect and the Wu dialects, in particular in vowel
system.
Table 1: Vowel inventory of Taizhou Chinese
described in the previous studies.
Studies
Gu [1]
Lu [4]
NJU [5]
Zhang [7]

CV
[i ɿ u y ɑ ɛ ɔ ər ɛ̃ ʊ͂]
[i ɿ u y a e ɔ ə ɯ ɛ̃ ʊ͂]
[i ɿ u y a ɛ ɔ ər ɛ̃ ʊ͂]
[ɿ u o y a e ɔ ɚ ɛ̃ ʊ͂]

CV[ʔ]
[æ ʊ ɑ ə ɔ]
[ɛ ʊ a ə ɔ]
[æ ʊ a ə ɔ]
[æ o ɑ ə ɔ]

follows. In CV syllables, (i) there is a vowel [i]
included in [1, 4, 5] but not in [7]; (ii) a vowel [o] is
included in [7] but not the other three studies; (iii) a
vowel [ɯ] is included in [4], which is treated as a
diphthong [ɤɯ] in the other three studies; and (iv)
there are variations in the representation of the
vowels [a]/[ɑ], [e]/[ɛ], and [ə]/[ər]/[ɚ] among the
studies. As for in CV[ʔ] and CV[ŋ] syllables, the
variations lie in the representation of the vowels
[æ]/[ɛ], [ʊ]/[o], [a]/[ɑ], and [ɔ]/[o].
In the present study, the Taizhou vowels are
tentatively symbolized as [i ɿ u o y ɑ ɛ ɔ ɚ ɯ ɛ̃ ʊ͂] in
CV syllables, [æ ʊ ɑ ə ɔ] in CV[ʔ], and [ɑ i ə ɔ] in
CV[ŋ] syllables. The study investigates all the 21
Taizhou vowels by performing formant analysis, in
view of the lack of formant frequency data in the
previous studies in substantiation of the IPA
transcription of the vowels in Taizhou Chinese. It
intends to enhance the phonetic description of
Taizhou vowels based on the vowel formant data.
2. METHOD
2.1. Speakers

Speech samples were collected from two male and
two female native Taizhou speakers with no history
of hearing or speech difficulties. All the speakers
were in middle age of 50 to 60 years old, who were
born and grew up in the city of Taizhou, using
Taizhou Chinese as the primary medium of
communication at home and work, though they also
spoke Putonghua with the non-Taizhou Chinese
speakers.
2.2. Test materials

CV[ŋ]
[ɑ i ə ɔ]
[a i ə o]
[a i ə o]
[ɑ i ə o]

According to the previous studies [1, 4, 5, 7], the
vowels in Taizhou Chinese occur in three syllable
types, CV, CV[ʔ], and CV[ŋ]. As presented in Table
1, the description of the vowel inventory of Taizhou
Chinese varies in different studies. The differences
in the vowel inventory of Taizhou Chinese described
in the four previous studies are summarized as
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The test materials used for the study are the 21
meaningful monosyllabic words presented in Table
2, including 12 vowels in CV syllables, 4 vowels in
CV[ʔ] syllables, and 5 vowels in CV[ŋ] syllables.
Note that there are some test words in which the
syllable has no initial consonant. All the selected test
words are associated with a high tone, [44], [45], or
[4]. The exception is a single test word [ɔŋ21], as no
words that contain the rime [ɔŋ] with a high tone
occur in Taizhou Chinese. The test words were
randomized on a reading list for eliciting five
repetitions of each word from the speakers.

Table 2: Test monosyllabic words containing the
21 Taizhou vowels in CV, CV[ʔ], and CV[ŋ]
syllables.
i
ɿ
u
o
y
ɑ

Vowels in CV
[i44]
ɛ [ɛ44]
44
[sɿ ]
ɔ [ɔ44]
[tu44]
ɚ [ɚ45]
44
[u ]
ɯ [tɯ44]
44
[y ]
ɛ̃ [ɛ44
̃ ]
44
[pɑ ] ʊ͂ [tʊ͂44]

Figures 1-2: Vowel ellipses on the F1/F2 plane for
the 21 Taizhou vowels in CV (thick solid line),
CV[ʔ] (red dashed line), and CV[ŋ] (green solid
line) syllables produced by male and female
speakers.

Vowels in CV[ʔ]
[æʔ4]
ə
[təʔ4]
4
[pʊʔ ] ɔ
[ɔʔ4]
[pɑʔ4]
Vowels in CV[ŋ]
ɑŋ [ɑŋ45] əŋ [təŋ44]
iŋ [iŋ44] ɔŋ [ɔŋ21]
æ
ʊ
ɑ

(1) Male vowel ellipses

2.3. Data collection and analysis

The speakers took part in an audio recording in a
quiet room individually. They were asked to utter
the test words at a normal rate of speech. Speech
data were collected by using a digital recorder with a
microphone. The speech analysis software, Praat,
was used to perform LPC analysis of the first three
formant frequencies (F1, F2, F3) of the vowels in the
test words. The formant frequencies were measured
at the temporal mid-point of the steady-state section
of vowel formant trajectories, by making reference
to the spectrograms of the speech signals.

(2) Female vowel ellipses

3. RESULTS
Fig. 1 and Fig. 2 show the vowel ellipses on the
F1/F2 plane for the 21 Taizhou vowels in three
syllable types, CV (thick solid line), CV[ʔ] (red
dashed line), and CV[ŋ] (green solid line), produced
by the male and female speakers in this study. The
ellipses were drawn based on the mean values and
standard deviations of the F1 and F2 of 10 tokens (5
repetitions x 2 speakers) of each vowel from the
speakers of the same gender.
A comparison of the two figures shows that the
male vowel ellipses tend to be positioned more
leftward and upward on the F1/F2 plane (Fig. 1)
than the female vowel ellipses (Fig. 2), due to the
smaller formant values for the male vowels than the
female ones. There are some other differences
observed between the male and female vowel
ellipses, including (i) no overlap between [ɛ] and [ɛ̃]
nor between [ɯ] and [ɿ] in CV syllables for the male
speakers, but for the female speakers; (ii) no overlap
between [ɔ] in CV and [ɔ] in CV[ʔ] syllables nor
between [ɚ] in CV and [ə] in CV[ʔ] syllables for the
female speakers, but for the male speakers; and (iii)
a more downward position for [ɑ] in CV and CV[ŋ]
syllables than in CV[ʔ] syllables for the female
speakers, but the reverse for the male speakers. In
spite of the mentioned gender differences, there are a
number of similarities between the male and female
vowels that represent the uniqueness of the Taizhou
vowels. The details are presented as follows.
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3.1. [i] in CV and CVN syllables

For both the male and female speakers, the vowel [i]
in CV syllables is centralized on the F1/F2 plane,
positioned in between the vowels [y] and [ɿ] in CV
syllables. Perceptually, [i] in CV syllables is
significantly different from [i] in CV[ŋ] syllables.
This is supported by the formant data of [i] in the
two syllable types presented in Table 3. As can be
seen, the F2 is significantly smaller for [i] in CV
syllables (1762 Hz for male; 1833 Hz for female)
than [i] in CV[ŋ] syllables (2428 Hz for male; 2776
Hz for female), resulting in the centralization on the
F1/F2 plane for [i] in CV syllables. The formant data
indicate that in Taizhou, [i] in CV syllables is more
likely to be a high central vowel, rather than a high
front vowel [i] as in CV[ŋ] syllables. It should be
added that in CV syllables, the F1 and F2 of [i] for
the female speakers and the F1 of [i] for the male
speakers are very close to those of [ɿ] as presented in
Table 3. It was also told by the speakers, based on
their intuition, the tip of tongue is raised and close to
the alveolar ridge during the articulation of both [ɿ]
and [i] in CV syllables. Thus, it is probable that the

vowel [i] in CV syllables of Taizhou Chinese is
actually [ɿ]. Nonetheless, articulatory data needs to
be collected to support the claim.

Figure 3: Superimposed formant trajectories on
the spectrograms of [ɯ] in [tɯ44] for a male (the
left panel) and a female (the right panel) speaker.

Table 3: Formant values (in Hz) for [i] in CV and
CV[ŋ] syllables and [ɿ] in CV syllables.
Vowel
[i] in CV
[i] in CV[ŋ]
[ɿ] in CV

F1
356
348
393

Male
F2
F3
1762 2984
2428 3211
1369 2798

F1
443
416
448

Female
F2
1833
2776
1712

F3
3295
3065
2831

Table 5: Formant values (in Hz) for [ɯ] in CV
syllables at the 20% and 80% time points.

3.2. [u ɯ o] in CV syllables

As shown in Fig. 1 and Fig. 2, the vowel ellipses for
[u], [ɯ], and [o] in CV syllables are positioned
distinctly on the F1/F2 plane, in spite of a minimal
overlap at the boundaries of the three male vowel
ellipses. A comparison of the formant values for the
three vowels presented in Table 4 shows a large
difference in F2, where the F2 is smaller for [o] and
larger for [u] than [ɯ]. In view of the small values of
F1 and F2 for [o] and its vowel ellipse positioned at
the high back corner on the F1/F2 plane, [o] is
probably a high back vowel [u].
Table 4: Formant values (in Hz) for [o u ɯ] in CV
syllables.
Vowel
[o] in CV
[u] in CV
[ɯ] in CV

F1
404
444
455

Male
F2
F3
682 2697
1000 2562
1354 2566

F1
449
486
450

Female
F2
768
1121
1679

Time
point
20%
80%

F1
476
496

Male
F2
F3
1393 2533
1342 2578

F1
437
441

Female
F2
F3
1690 2981
1637 3043

3.3. [ɛ ɛ ̃ ʊ͂] in CV syllables

In CV syllables, there are two nasalized vowels
described as [ɛ]̃ and [ʊ͂] in the previous studies, and
the former has an oral counterpart [ɛ]. Based on the
formant data in the present study, no nasalization is
made for [ɛ]̃ as is made for [ʊ͂]. A comparison of the
spectrograms of [ɛ], [ɛ]̃ , and [ʊ͂] in CV syllables
(Fig. 4) shows that [ɛ]̃ , similar to [ɛ], lacks the nasal
or anti-formants as in the case of [ʊ͂]. The formant
data suggest that [ɛ̃] is an oral vowel.
Figure 4: Spectrograms of [ɛ] in [ɛ44] 愛, [ɛ]̃ in
44
[ɛ44
̃ ] 案, and [ʊ͂] in [tʊ͂ ] 鍛 for a male speaker.

F3
2329
2809
3050

[ɛ44]

As for the vowel described as [u] in the previous
studies, it is more centralized on the F1/F2 plane
than the vowel [o]. Based on the observation during
the recordings, there was no apparent lip protrusion
made for [u] as is made for [o]. The lack of lip
rounding results in a larger F2 for [u] than the
rounded [o] as presented in Table 4, which suggests
[u] presumably an unrounded high vowel [ɯ].
There is a vowel [ɯ] in Taizhou Chinese
described in [4], which is considered as a diphthong
in [1, 5, 7]. Based on the formant data in the present
study, the formant trajectories of the vowel are
without large change throughout (See Fig. 3). The
formant values taken at the time points of 20% and
80% of the vowel [ɯ] for the male and female
speakers presented in Table 5 show a striking
similarity in F1 and F2 between the two time points.
The data indicate [ɯ] is a monophthong, rather than
a diphthong. Because of a significant large F2 for
[ɯ] and its centralized position on the F1/F2 plane,
[ɯ] is assumed to be a high central vowel [ɨ].
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[ɛ44
̃ ]

[tʊ͂44]

As for the oral vowel [ɛ], the spectrogram
presented in Fig. 4 shows that it is not a
monophthong as described in the previous studies.
For the four Taizhou speakers in this study, the
formants of [ɛ] gradually change throughout the
sound, with a decrease in F1 and an increase in F2.
The formant values taken at the time points of 20%
and 80% of the vowel [ɛ] for the male and female
speakers presented in Table 6 show a significant

difference in F2 between the two time points. This is
not true for its counterpart [ɛ̃]. The formant data of
[ɛ] indicate that it is a diphthong, likely to be [ei] or
[ɛi].
Table 6: Formant values (in Hz) for [ɛ] and [ɛ̃] in
CV syllables at the 20% and 80% time points.
Time
Vowel point
[ɛ]
20%
in CV 80%
[ɛ]̃
20%
in CV 80%

F1
522
487
597
637

Male
F2
2139
2296
2173
2171

F3
2816
2880
2881
2871

F1
646
566
642
715

Female
F2
2278
2381
2402
2374

F3
3110
3150
3182
3205

Vowel
[æ] in CV[ʔ]
[ɛ̃] in CV
[ʊ] in CV[ʔ]
[o] in CV

F1
610
611
407
404

Male
F2
2190
2191
771
683

F3
2881
2877
2558
2697

F1
653
668
451
499

Female
F2
2354
2376
759
769

F3
3071
3128
3024
2330

3.6. [ɑ] and [ɔ] in CV, CV[ʔ], and CV[ŋ] syllables

3.4. [ɚ] in CV

Similar to the case of [ɛ] in CV syllables, the vowel
[ɚ] in CV syllables has the dynamic changing
formant pattern, with a progressive decrease in F1
and an increase in F2 throughout the vowel as shown
in Fig. 5. Compared with the formant trajectories of
[ə] in CV[ʔ] syllables, F3 is significantly small
during [ɚ] in CV syllables, which indicates the
rhoticity of the vowel. The small F3 appears at the
very beginning and throughout the vowel,
suggesting [ɚ] is a monophthong, rather than a
sequence of [ər].
Figure 5: Superimposed formant trajectories on
the spectrograms of [ɚ] in [ɚ45] 兒 and [ə] in [təʔ4]
德 for a male speaker.
[ɚ]

Table 7: Formant values (in Hz) for [æ] and [ʊ] in
CV[ʔ] syllables and [ɛ]̃ and [o] in CV syllables.

In Taizhou, the vowels [ɑ] and [ɔ] occur in all CV,
CV[ʔ], and CV[ŋ] syllables. As shown in Fig. 1 and
Fig. 2, the vowel ellipses for [ɑ] and [ɔ] are
positioned more to the bottom and the front of the
F1/F2 plane when the vowels occur in the closed
syllables of CV[ʔ] and CV[ŋ] than in the open CV
syllables. For the male speakers, the vowel ellipses
for [ɔ] in the open and closed syllables overlap to a
large extent (Fig. 1), whereas the female vowel
ellipses for [ɔ] in the open and closed syllables are
slightly separate (Fig. 2). As for the vowel [ɑ], there
is a significant difference in position of the vowel
ellipse between the open and closed syllables for
either the male or female speakers. The formant
values for [ɑ] in the three syllable types presented in
Table 8 show that F2 is significantly larger for [ɑ] in
CV[ʔ] and CV[ŋ] syllables than in CV syllables. The
data suggest that the vowel is [ɑ] in CV syllables,
but a front [a] in CV[ʔ] and CV[ŋ] syllables.
Table 8: Formant values (in Hz) for [ɑ] in CV,
CV[ʔ], and CV[ŋ] syllables.

[ə]

Vowel
[ɑ] in CV
[ɑ] in CV[ʔ]
[ɑ] in CV[ŋ]
3.5. [æ] and [ʊ] in CV[ʔ] syllables

F1
748
907
832

Male
F2
F3
F1
1165 2824 900
1532 2495 968
1526 2625 1064

Female
F2
1242
1861
1954

F3
2599
2537
2683

4. CONCLUSION

The vowels [æ] and [ʊ] in CV[ʔ] syllables have the
formant patterns similar to those for the vowels [ɛ]̃
and [o] in CV syllables, respectively. As shown in
Fig. 1 and Fig. 2, the vowel ellipses for the paired
[æ]-[ɛ]̃ and the paired [ʊ]-[o] overlap to a large
extent, in particular for the male speakers. The
formant data of the two paired vowels for the male
and female speakers presented in Table 7 denote the
similarities in the F1 and F2 between the paired
vowels in each case. As presented earlier, the
formant data on the vowels [ɛ]̃ and [o] in CV
syllables suggest that they are [ɛ] and [u],
respectively. Thus, the vowels [æ] and [ʊ] in CV[ʔ]
syllables are also [ɛ] and [u], respectively.
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The vowel formant data presented in this paper
differ from the previous description of the vowels in
Taizhou Chinese. The formant data in the present
study suggest that the Taizhou vowel inventory
presumably includes [y ɿ ɨ ɯ u ɛ ɔ ɚ ɑ ʊ͂] in CV
syllables, [u ɛ ɔ ə a] in CV[ʔ] syllables, and [i u ɔ ə
a] in CV[ŋ] syllables. In the future time, data from
more speakers will be collected to give further
support to the description of the Taizhou vowels
presented in this paper.
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ABSTRACT
Ecuadorian Siona (Western-Tukanoan) shows a
rather distinct prosodic system from that described in
other Tukanoan languages. Because of flat monotone
responses produced during eliciting sessions in the
field, we developed an on-the-spot method for data
collection through loosely structured role-playing
events involving the use of a script with lines
specifically designed to elicit the utterance types.
Skits were performed in pairs who stood at
approximately 5 meters apart from each other to
assure the dialog was vocalised as much as possible
though without yelling. Each participant was
accompanied by a researcher who provided the lines
in Spanish e.g., “What are you doing?”. After each
line was repeated in Siona, the other participant was
asked to respond. Each participant wore a headmounted microphone and carried a digital recorder in
a backpack to allow for mobility during the event.
Results provided clear patterns for analysis that were
not present during traditional elicitation sessions.

intonation patterns (e.g., reading phrase lists, oral
translations, guided conversations, even the
Discourse Completion Task [8] etc.) were not
effective, as the flat monotone responses did not
reflect those of natural speech observed during
informal interactions among speakers. At the same
time, speakers did not always produce the intended
sentence type. It was later determined that the
formality of the elicitation tasks was resulting in the
atypical responses. In addition, intonation in
Ecuadorian Siona (henceforth Siona) does not contain
a complex inventory of intonation patterns.
Therefore, we only expected to find contrasts in the
pitch contour with speech acts and emotional states
not conveyed though Siona’s rich morphology.
The capture of naturalistic speech data was
achieved through a method developed on-site that
involved loosely structured role-playing events with
a particular recording set up. The following sections
describe this method, its implementation, attributes,
and limitations.
2. METHOD

Keywords: Intonation, field methods, elicitation,
Ecuadorian Siona, role-playing
1. INTRODUCTION
The elicitation of intonation patterns (and phonetic
properties in general) in the field has traditionally
been overlooked due to the lack of laboratory-like
conditions and technology used to collect reliable
data. In fact, many great books specialising in field
method techniques do not offer specifics on eliciting
suprasegmentals (cf [4][5][9]) or only mention them
in passing [2].1 This is not to say that the topic of
eliciting prosody is lacking (cf. [7][8][10]), however
in the field context, this has meant that a substantial
number of linguistic grammars only contain
impressionistic observations of prosodic properties, if
any at all.
During a 2016 fieldtrip in Ecuador, the
authors set out to elicit intonation patterns in
Ecuadorian Siona, a Western-Tukanoan language that
shows a rather distinct prosodic system compared to
those described in other Tukanoan languages.
However, during the first day of elicitations, it was
clear that standard laboratory techniques for eliciting
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The primary goal of this method is to move the
participants away from the table, recorder, and
elicitation lists and to place them in a more
naturalistic setting as they engage with their peers. To
do this, we developed a list of speech acts and various
pragmatic contexts that we wished to elicit (cf Table
1 for examples).
Table 1: Targeted speech acts and pragmatic contexts.
Both columns displayed independently from each other.

Speech acts
Wh-questions
Yes/No questions
List intonation
Focus, contrast, emphasis
Imperatives
Declaratives
Vocatives

Pragmatic contexts
Annoyance
Confusion
Sadness & Pity
Happiness
Surprisal
Curiosity

These utterances along with the pragmatic contexts
were designed with the help of a consultant but were
not shown to the participants during the role-play
events.

2.1. Recording equipment setup

Because we pinpointed the formality of the elicitation
session to be problematic for eliciting intonation
patterns, we wanted to remove the standard
microphone setup from the equation (e.g., condenser
microphones pointed at consultants sitting around a
table) to lessen any tension felt by the formal
interview set up. To accomplish this, we first asked
the participants to wear discrete headset microphones
during the recording session. We also wanted to
remove the table from the equation to lessen any
additional tension brought on by being face-to-face
with the researchers. This was accomplished by
making the elicitation session ‘mobile’ thus allowing
the speakers to move around freely as they interacted
with each other in various locations (e.g., a soccer
field, along a dirt road, on a walk down to the river,
and in communal gathering areas). To do this, we
placed the digital recorders in a backpack or
traditional handbag that was worn or carried by the
participants. Each participant had an identical set up.
Their speech was recorded in 16-bit Waveform
Audio File Format (WAV) with a sample rate of 44.1
kHz using an Apex Universal Headworn condenser
mic connected to a ZOOM H4n digital recorder set to
record in mono. Participants were told in advance that
once the recorder was placed in the backpack or
handbag, that their speech would be recorded. This
also allowed for additional spontaneous speech to be
captured between the participants as we walked to our
destination. Permission was asked to use any
utterance captured this way.
2.2. Role-playing events

To elicit a variety of speech acts, ‘loosely-structured
role-playing’ events were used based on the desired
grammatical utterances and pragmatic contexts. Each
event involved interactions between two participants,
each of whom was accompanied by a Spanishspeaking researcher. Participants, along with their
designated researcher were asked to stand at various
distances from each other depending on the speech
act under elicitation.
To begin the event, the assistant would speak
to the participant in a quiet voice and ask them to say
a specific utterance to their conversation partner (e.g.,
“Hey, what are you doing here?”). The researcher
from the other group would then either provide their
participant with a response or just ask them to answer
freely. Participants were encouraged to converse back
and forth for a short time before the next utterance
was elicited. The average distance between the
participants was approximately 5 metres. This
provided enough distance to assure the dialog was
vocalised as much as possible though without yelling.
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This was ideal in this specific context as we observed
that many Siona speakers were very soft spoken when
recorded.
To elicit various pragmatic contexts,
responses to specific questions could be changed in
such a way to elicit an emotional reaction from the
participant who asked the initial question. See
example 1, which could be used to elicit an annoyed
response. It should be noted that speakers knew they
were acting out these emotions and no one actually
became e.g., annoyed during the events.
(1) P1: Did you bring your fishing net?
P2: What?
P1: I said, did you bring your fishing net?
P2: What?!
P1: Do you have your fishing net!?
Example 2 could be used to elicit a confused
response. The researcher would have asked P2 to act
confused and to provide a clarifying statement.
(2) P1: Go to XXXX’s house and pick up some
rice.
P2: But we’re at XXXX’s house.
P1: Oh, I meant YYYY’s house.
P2: But, she lives in another village!
Example 3 could be used to elicit a curious response.
The researcher would have prompted P1 to be curious
since P2 usually doesn’t wear a backpack.
(3) P1: What do you have in your bag?
P2: What bag?
P1: The bag that you’re holding?
P2: Oh, this bag? Sorry, I can’t tell you. It’s
a surprise.
P1: Who’s it for?
Example 4 could be used to elicit a surprisal
response. The researchers would have asked the
participants to act surprised since XXXX is so rare.
(4) P1: What do you have in your bag?
P2: It’s a new XXXX!
P1: Wow, where did you get that?!
P2: I got it from the city.
P1: I can’t believe you found one!
Example 5 could be used to elicit a sadness and pity
response. The researcher also said, “Pretend you’re
sad and in pain so your wife (the other participant)
offers you a massage”.
(5) P1: I went hunting yesterday, but I didn’t
catch anything.

P2: Oh, that’s too bad.
P1: Yeah, and on the way back I hurt my leg.
P2: Oh, no! What I can do to help?
Approximately 5 role-playing events for each
pragmatic context should be run in order to collect a
large enough sample for intra- and inter-comparative
analyses. Since it was impossible to predict free
responses, a large enough collection is needed in case
certain responses happen to contain a high number of
voiceless segments or creaky voice (common in
Siona). Each session lasted approximately 20
minutes.
Moving away from the standard elicitation
design (henceforth SED) and into a natural
environment also had the unforeseen advantage of
capturing natural pragmatic contexts that are difficult
to elicit otherwise (e.g., shooing away a dog, coddling
a baby, etc).

variations identified matched the variations we
observed impressionistically in spontaneous speech.
Moreover, capturing some trends (cf. Figure 4 &
Figure 5) would not have been possible or very
difficult using a SED.
Figure 1 compares two recordings of
vocatives with the same pragmatic context (getting
someone’s attention). The recording in the top image,
elicited using a SED, shows a flat f0 across the entire
utterance while the bottom image, elicited using the
role-play method, reveals distinct low boundary tones
(%L & L%) with a high pitch accent (H*) on the
stressed syllable; a pattern often observed
impressionistically during spontaneous speech.

2.3. Participants

Thirteen participants, nine women and four men,
participated in this study. All participants were born
and raised in the surrounding communities of
Sototsiaya and all were native speakers of Siona. The
age of the consultants ranged from 16 to 75 and the
majority had either a primary or secondary education.
2.4. Data collection

For this particular study, recordings were analysed in
Praat 6.0.19 [1] with an accompanying three-tier text
grid based on ToBI guidelines [6]. One interval tier
contained the utterance divided into syllables
represented in IPA. Two point-tiers contained (1) the
tone level marking the f0 contour and (2) the break
indices.
The following adjustments to the pitch
contour were made to avoid micro perturbations, and
octave jumps: (1) voicing threshold was increased
from the 0.45 default to 0.6, and (2) the octave-jump
cost was increased discretely from 0.35 until any
octave jumps were eliminated. For utterances
produced by women, Praat's default 75-500 Hz pitch
range was used while the pitch range was adjusted to
50-250 Hz for utterances produced by males. Finally,
the pitch contour of each utterance was extracted and
smoothed using Praat's Smooth function.
3. RESULTS
Several results from our field study are provided to
show the usability of the data elicited using the roleplay method compared to a SED. It is worth noting
once again Siona does not contain a complex
inventory of intonation patterns. However, the
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Figure 1: Vocatives produced using a SED (top) and the
role-playing method (bottom).

Figure 2 compares two recordings of
imperatives. The recording in the first image, elicited
using a SED, shows another flat f0 across the entire
utterance, while the bottom image, elicited using the
role-play method, reveals a distinct ‘plateau’ pattern
with low initial and final boundary tones (%L & L%)
along with a relatively flat high that is maintained
thought the utterance. This ‘plateau’ or ‘arch’ pattern
was the most common intonation pattern for standard
speech acts and most pragmatic contexts in Siona.

Finally, in Figure 5 an intermediate boundary
tone was revealed using the role-play method, which
was never produced during standard elicitation
session.

Figure 2: Imperatives produced using a SED design (top)
and the role-playing method (bottom).

Figure 3 compares two recordings of a whquestion produced as annoyed. The top image,
produced using a SED, showing a flat f0 across the
utterance while the bottom image, produced using the
role-play method, reveals a final high boundary tone
(H%), which is often observed impressionistically
during spontaneous speech.

Figure 5: Affirmative + declarative with a L- boundary
tone, elicited using the role-play method.

4. CONCLUSIONS

Figure 3: Wh-questions produced as ‘annoyed’ using a
standard elicitation design (top) and the role-playing
method (bottom).

Figure 4 illustrates an example of list
intonation, which was difficult to elicit during the
standard elicitation session. Using the role-play
method, we were able to get a clear sense of the
intonation pattern used in a more naturalistic context
(L-H* pitch accent with a final L% boundary tone).

Figure 4: List intonation using the role-play method.
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Using this method, we were able to determine that
Siona does not have a rich inventory of contrastive
intonation patterns. This is most likely because its
complex morphology, which covers many
grammatical and pragmatic expressions of meaning.
However, we were able to identify a distinct high
boundary tone when the speaker’s emotional state
shifted to annoyance, a function not conveyed in the
morphology.
We were also able to determine that nearly all
utterances fell into an ‘arch’ or ‘plateau’ pattern
beginning and ending with low boundary tones (%L
& L%) with numerous high pitch accents (H*). Down
step was also common after the most emphatic
syllable of the utterance was produced. List
intonation followed the common L-H* pitch accent
contour, found in many of the world’s languages. In
addition, intermediate phrases typically appear as L-.
However, we have yet to identify any differences
between nuclear and pre-nuclear PAs.
If we compare these results with those of the
standard elicitation session, we notice that the roleplaying method produced (1) results that are more
inline with our impressionistic observations and (2)
more detailed changes and contrasts in the pitch
contour based on the grammatical utterance or
pragmatic context produced. While this method still
requires further development and comparisons with
current methods like the Discourse Completion Task
[8], it has the potential to elicit naturalistic speech in
a more naturalistic environment. Additionally, future
research might want to establish checks and balances
to avoid/ identify instances of over-acting or
exaggerating; however, this did not appear to be the
case in our data when we asked other native speakers
to evaluate the recordings.
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ABSTRACT
In this study we present a preliminary acousticphonetic analysis of three long vowels /iː/, /aː/, /uː/ in
Crow and their short counterparts /i/, /a/, /u/. The
target vowel tokens were surrounded by alveolar
obstruents and produced by a single female speaker
who was literate in Crow. Duration and formant
measurements were analyzed. In particular, we
investigated the amount of spectral change in the
formant trajectories by obtaining F1, F2 and F3
values at 30 equally spaced time points from the
central portion of the vowel.
Preliminary formant and duration measurements
indicate unambiguous separation of /aː/, /a/, /uː/ and
/u/. However, no formant or duration differences were
identified for /iː/ and /i/. In fact, the formant
trajectories of these two vowels were shown to
overlap in the vowel space. Finally, all vowels show
a considerable amount of spectral change,
highlighting the importance of formant trajectories
when characterizing Crow monophthongs.
Keywords:
vowels

Crow,

Siouan,

acoustic-phonetics,

1. INTRODUCTION
Crow (Apsáalooke) is a Siouan language spoken
predominantly in and around the Crow reservation in
south-eastern Montana. The most comprehensive
account that we have of Crow is found in [3], which
states that there are fewer than 1500 speakers of the
language. The grammar provides a descriptive
account of the phonology, morphology and syntax of
the language.
According to Graczyk [3], the vowel system of
Crow includes five long vowels (/iː/, /eː/, /aː/, /oː/,
/uː/), three of which have short counterparts (/i/, /a/
and /u/), two diphthongs (/ia/, /ua/), and one marginal
diphthong (/ea/). As is the case for many lesserdescribed languages, relatively little is known about
the acoustic-phonetic properties of the sounds of
Crow. This is because most linguistic research on
these languages tends to focus on describing their
phonology, morphology and syntax (e.g., [2], [5], and
[7]). Another contributing factor to the lack of
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phonetic analyses in Crow and other lesser-described
languages is the lack of high-quality audio recordings
suitable for phonetic research. However, with the
development of sophisticated and portable recording
equipment over time, it is now possible to obtain
ample high quality data for acoustic-phonetic
analyses.
For example, Simonian [8] is one of the few
studies that looks at the acoustic properties of the
vowels in Crow. In this study of one male speaker, the
author measured the F1 and F2 values of the Crow
vowels at three equally spaced time points (25, 50,
75%) through the vowels’ duration. Simonian [8]
found that, on average, long and short vowels had
clear duration differences. He further found that both
monophthong and diphthongs showed some degree of
formant movement, with a greater degree of
movement in the diphthongs than the monophthongs.
Interestingly, he also found that back vowels showed
more movement than front vowels (although the midback vowels (/e:/ and /o:/) were under-represented).
Simonian’s [8] findings are in line with other
studies that claim that monophthongs may be more
dynamic than previously thought. For example, [4, 9,
10] claim that measurements of spectral change
(movement in formant trajectories) are necessary for
the characterization of vowels. Furthermore, some
studies [e.g., 8, 6] have shown that it is possible to
measure the dynamic properties of vowels in lesserdescribed languages. For example, Kashima and
colleagues [6] measured vowels in Nambo across
multiple-time points. The authors found the vowels to
be clearly monophthongal and therefore do not report
any information about formant trajectories, however,
the fact that such a complex method of formant
measurement could be applied to these languages,
suggests that it is likely to work in other lesser
described languages, such as Crow.
Thus the aim of the present study is to extend upon
the work of [8] and present a preliminary
sophisticated acoustic-phonetic analysis of three long
vowels in Crow, /iː/, /aː/, /uː/, and their shorter
counterparts, /i/, /a/, /u/. In particular, we investigate
whether there is unambiguous separation of these
long and short vowels in terms of (1) duration and (2)
the vowel space. We also investigate whether spectral

change (or movement in formant trajectories) is
important for characterizing monophthongs in Crow.
2. METHOD
2.1. Participants

The data for this study were produced by one female
native speaker of Crow, in her early 50’s. In addition
to being a native speaker, the participant was literate
in the Crow language. Although there are a number
of Crow speakers, we could only investigate one
speaker at this time due to the availability of the
recording data.

central portion (20-80%) of the vowel. These
measurements were then smoothed using a script in
Matlab. The 30 formant values for each measurement
were then transformed using the discrete cosine
transform (DCT) in order to smooth and characterize
the formant trajectory. The DCT produces
coefficients that correspond to different aspects of the
trajectory, e.g., 0th coefficient: formant trajectory
means; 1st coefficient: magnitude and direction of the
trajectory (see [1] for a detailed explanation of this
method).
3. RESULTS
3.1. Duration

2.2. Vowel tokens

The target words were obtained from a large scale
project where approximately 5000 words for an
online dictionary were recorded, in addition to some
narrative material. The data were collected during
fieldwork during the summers of 2015 and 2016. The
dictionary recordings came from a project conducted
by The Language Conservancy in conjunction with
the Crow Language Consortium and the Little Big
Horn College, which was designed to document and
develop pedagogical material for Crow.
For our analysis, we selected 20 target words,
which contained one of the following target vowels
(/iː/, /i/ /aː/, /a/, /uː/, /u/). The mid vowels (/eː/ and /oː/
are not included in this study due to the lack of tokens
by the speaker in this consonantal context. A word
was considered a “target word” if it contained one of
the 6 Crow vowels surrounded by obstruents
(preferably at least one of which was voiceless, e.g.,
/s/, /t/), produced in stressed and unstressed positions.
These target words were repeated 2-3 times, resulting
in a total of 47 tokens.

The average duration values of the Crow vowels are
shown in Figure 1. A clear length distinction can be
observed for both /aː/-/a/ and /uː/-/u/, however, we do
not observe a length difference for /iː/-/i/. Pairedsamples t-tests confirmed the significant differences
between /aː/-/a/ (p = <.001) and /uː/-/u/ (p = .023).
The length difference between /iː/ and /i/ did not reach
significance (p = .160).
Figure 1: Duration (in milliseconds) of long and short
vowels in Crow.

2.3. Acoustic analyses

The start and end boundary of each vowel token was
hand segmented by one of two native speakers of
English. For differentiating between voiceless
obstruents and the vowel, the ability to track pitch in
Praat was used. To separate the vowel from a voiced
obstruent, changes in intensity were used alongside
the decline in measurable F2 and F3 values for
plosives and the presence of high-frequency noise for
fricatives. These segments were then checked by an
English speaker who is familiar with the Crow
language. We used the same method for obtaining
formant measurements as previously used in
acoustic-phonetic descriptions of English [e.g., 1, 10]
and other lesser-described languages, such as Nambo
[6]. In this method, F1, F2 and F3 measurements were
obtained at 30 equally-spaced time points in the
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3.2. Formant measurements

Table 1 shows the average F1, F2 and F3 values in Hz
for the six Crow vowels. The F1 and F2 values from
the table have been used to plot the vowels in the
vowel space (Figure 2). As can be observed, there is
unambiguous separation of /aː/, /a/, /uː/ and /u/.
However, it seems that /iː/ and /i/ are almost
inseparable because of the similarities in the F1 and
F2 values. It is important to note here that Graczyk
[3] describes the vowels /i/ and /a/ in the context we
have selected as surfacing as [ɪ] and [ə], respectively.
We have used those forms in our figures to both avoid
ambiguity and to test whether these symbols do
indeed accurately describe these vowels in this
context.

Table 1: Average duration (ms), F1, F2 and F3 values in
Hz (standard deviation is provided in parentheses).

Vowel
i
iː
a
aː
u
uː

No. of
tokens
5
5
14
12
5
6

Duration
(ms)

F1

F2

F3

51

320

2210

3026

(11.8)

(27.4)

(69.2)

(78.4)

67

331

2140

2944

(16.2)

(28.2)

(238.9)

(59.3)

Whereas, /ɪ/, /u/ and /uː/ all show the opposite
direction of spectral change, as indicated by the
decrease in F2. The Crow vowel /iː/, seems to display
the largest amount of spectral change, while there
seems to be a clear overlap of /ɪ/ and /iː/.
Figure 3: Acoustic plotting of the formant trajectories
of the six vowels in Crow.

69

474

1740

3067

(14.3)

(109.5)

(85.2)

(119.9)

129

644

1571

3172

(41.2)

(116.3)

(83.7)

(100.8)

89

375

1936

2838

(14.8)

(16.4)

(178.3)

(184.7)

125

349

1574

2768

(10.9)

(33.1)

(360.4)

(154.5)

4. DISCUSSION
Figure 2: A vowel plot showing the median average F1
and F2 values of the vowels in Crow.

To understand how Crow monophthongs change
over time, the averaged formant trajectories for the
three long and three short vowels were mapped on to
the plot in Figure 3. To do this, we averaged the F1
and F2 values for each vowel at each of the 30 time
points. The arrows in Figure 3 therefore show the
movement of the vowel from the first time point
measured until the thirtieth (the arrowhead). The plot
shows a considerable degree of spectral change in all
six vowels measured. Visual observation of vowel
plot suggests some degree of formant movement in
either F1, F2 or both. For example, all of these vowels
are characterized by an initial drop in F1, followed by
a raise in F1 after. Some vowels (e.g., /iː/ and /aː/) are
also characterized by an increase in F2, indicating
movement toward the front of the vowel space.
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The aim of this study was to present a preliminary
acoustic analysis of six vowels in Crow, using stateof-the-art techniques. In particular, we employed a
more sophisticated measure of spectral change
(formant trajectory) to determine the dynamic
properties that characterize these vowels.
Our duration analyses suggest a clear length
distinction between /aː/-/a/ and /uː/-/u/, yet this was
not the case for /iː/-/i/. Our formant measurements
indicate a similar pattern as we observe clear
separation of all vowels except /iː/ and /i/ whose
average F1 and F2 values are almost inseparable.
Furthermore, our findings indicate that Graczyk’s [3]
description of the vowel qualities seem to be accurate
when described acoustically. In particular, we
observe that /a/ indeed surfaces as [ə] when
surrounded by voiceless obstruents. However, our
results suggest that /i/ may not surface as [ɪ]. Further
evidence (particularly that from a different speaker)
is needed to confirm whether or not [ɪ] is the
appropriate symbol in this context. Additionally, in
Figure 1, we observe an interesting case of a very
fronted /u/, which is similar to the /u/ fronting
observed in Australian English [1]. Future analyses,
with more speakers will be required to determine
whether /ʉ/ may be a better symbol for the
representation of this vowel. Given that some of these
vowels were produced in stressed and unstressed
positions, it could be argued that word-level stress
might influence the duration and formant
characteristics of these vowel. However, the stress
system of Crow is more an interaction of intensity and

pitch that is not equivalent to the notions of stress that
exists in English. So while it is possible, there are no
sources that state that Crow vowels change quality
based on stress. We will examine the effects of stress
on vowels in future studies with a larger corpus.
Turning to our analysis of spectral change in the
formant trajectory, our preliminary analyses indicate
the dynamic nature of the Crow vowels. Our findings
are consistent with earlier findings by Simonian [8],
who found that there was considerable movement in
these vowels. Short vowels have a smaller degree of
movement than their long counterparts. In particular,
/iː/ shows a great deal of spectral change across both
F1 and F2 dimensions. The amount of spectral change
or formant movement in these vowels may also be
related to a more open vowel space, however future
studies would need to be conducted to confirm this.
However, our findings do support previous studies
which suggest that measurements of spectral change
can be used to describe vowels acoustically. That is,
our findings suggest that measurements of the
formant trajectories need to be included to
appropriately characterize vowels in Crow.
Another interesting observation in our preliminary
data is the lack of separation between /iː/ and /i/. Not
only do we see no difference between the long and
short vowels in terms of their duration, but there is
also very little difference between the two in terms of
their average F1 and F2 values. If duration does not
differentiate the two, then it raises the question of
what spectral information is required separate them.
Or perhaps we are observing a phenomenon particular
to our selected speaker. In order to further determine
what separates /i/ from /iː/, we would need to first
compare these tokens to the same vowel in other
contexts. We would also need to compare these
findings with other speakers in our corpus. Finally,
more sophisticated statistical analyses [e.g., 11] may
help us determine the acoustic cue that separates these
vowels. Based on the present data, we do know that
in order to separate /i/ from /iː/, one would need to
take into consideration the entire formant trajectory
of each vowel, as the /i/ vowel clearly overlaps with
the /iː/ vowel.
6. CONCLUSION
In conclusion, our preliminary acoustic analysis of
the vowels in Crow indicates that the Crow vowel
space is more complex than previously expected. In
particular, our findings are in line with a previous
acoustic analysis of Crow [8]. Although we do see
unambiguous separation for /aː/ and /a/ and /uː/ and
/u/, this is not the case for /iː/ vs. /i/. We are currently
investigating the dynamic features of the
monophthongs in Crow and in particular the lack of
separation between /i/ and /iː/. This additional
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research which will include more than one speaker
and additional tokens is needed in order to make
definitive conclusions about the nature of the Crow
vowel system.
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ing the glottal stop, the missionaries failed to include vowel length. These features are not represented through graphemes, and even when they are
present in writing they appear in an unsystematic
fashion. Since the mid twentieth century there have
been attempts to reform the orthography so that it
accurately represents these phonemic features, but
there has never been widespread adoption or rigorous standardisation. The representation of the glottal phoneme is particularly inconsistent and speakers have great difficulty predicting where it should
be used. Our research on the acoustics of the CIM
glottal phoneme has coincided with the delivery of a
university course in the structure of CIM at the University of the South (USP) Pacific in Rarotonga. The
phonetic knowledge acquired by the students in this
course has led to some of them advocating for orthographic reform, now equipped with a clear phonetic
analysis on which to base their argument.

ABSTRACT
Cook Islands Māori (ISO rar) is an endangered East
Polynesian language of the Realm of New Zealand.
It has a phoneme traditionally analysed as a glottal
stop that was not included in the orthography developed in the 19th century, and as such, is not widely
written or well understood by speakers today. Previous research has shown that the realisation of this
phoneme varies from a true stop to laryngealisation
of the surrounding vowels. Here we present evidence that there is geographical variation to these realizations, and that claims that the phoneme is “disappearing” in islands like ‘Atiu are false: The time
of glottal closure is getting shorter, but it’s being
replaced by vowel laryngealization. This information has led to increased education about the phonetic and sociolinguistic dimensions of the glottal
stop, mainly in classes directed towards Cook Islands Māori speaking school teachers. This, in turn,
has led to changes in attitude in the teachers, and
to an increased demand to represent glottal stops in
government-produced materials.

2. BACKGROUND
The glottal phoneme in CIM is the reflex of ProtoPolynesian /*s/ and /*f/ which have the reflexes /f/
and /h/ in New Zealand Māori. This leaves CIM
with a consonantal inventory of only 9 consonants,
with the glottal doing the work of two when compared to its most closely related language. Because
of its frequency as a phoneme, the absence of glottal
stop marking in the orthography makes reading very
difficult for learners and heritage language speakers.
The glottal phoneme has traditionally been analysed as a glottal stop. However, modern acoustic
techniques have revealed that the realisation of this
phoneme varies from a true stop, to a laryngealised
glottal approximant, to laryngealisation of the surrounding vowels [8]. Therefore, the word /ta.Pi/
‘one’ has been attested as ["ta.Pi], ["ta.Pi] and ["ta.i].
˜
All of these would be a minimal pair˜to /tai/ ’sea,
water’. It seems likely that the glottal variation is
a complicating factor for speakers, both native and
L2, when learning to read and write. Another complicating factor is the choice of symbol used to mark
this phoneme, most commonly the straight apostro-

Keywords: Polynesian languages, Sociophonetics,
Cook Islands Māori, Glottal phonemes, Laryngealization
1. INTRODUCTION
Cook Islands Māori (ISO rar, Glottolog raro1241,
henceforth CIM) is an endangered East Polynesian
language of the Realm of New Zealand, originating from the Southern Group of the Cook Islands.
CIM had an expansive oral literature before it was
first written down in the early nineteenth century by
Christian Missionaries from the London Missionary
Society. This written system didn’t include explicit
marking for the glottal stop phoneme /P/, which did
not represent a problem at a time when the community was mostly monolingual in CIM. However,
the shift toward English in today’s population means
that the missionary orthography is suboptimal for
most Cook Islands’ people. In addition to overlook-
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phe. This relegates this phoneme to the status of a
diacritic, which makes it more difficult for speakers
to gain metacognition about, and ultimately makes it
prone to deletion in writing [8].

Figure 1: Spectrograms of modal vowels in ["ta.i]
‘sea, water’ and creaky vowels in ["ta.Pi] ‘one’ in
˜ ˜˜
CIM speech from Rarotonga.

Figure 2: Southern Cook Islands and the percentage of occurrence of different variants of the glottal stop phoneme

There are also folk beliefs associated with this
phoneme. In particular, speakers claim that it is being lost throughout the islands, and that it has already
been completely lost in the island of ‘Atiu. This belief has been adopted by school teachers, who are
then replicating it in classrooms possibly causing the
phoneme to be written even less. This is particularly
problematic on islands like Rarotonga, which is both
the de facto standard for the language, and the island
where the language is more endangered [8].

terns, where most glottal stops still involve an actual realisation, but between 34% and 38% of these
realisations involve creaky voice. Here, the word
ta’i ‘one’ would be produced ["ta.Pi]. Finally, in
˜ ˜˜of the glottal
‘Atiu and Aitutaki, a large number
phonemes have completely lost their closure. In
‘Atiu, in fact, the majority of the glottal phonemes
have been deleted. This, however, doesn’t mean that
the laryngeal action has disappeared from the word.
The closure might be absent, but creaky voice might
have survived on the following vowel. In order to
examine this, we extracted 4516 vowels to examine
their voice quality. We extracted fundamental frequency (normalized to z-scores of semitones), four
measures of spectral tilt (H1c-H2c, H1c-A1c, H1cA2c and H1c-A3c) and six measures of periodicity (cepstral peak prominence (CPP), smoothed CPP,
and harmonics-to-noise ratios for intervals between
0 and 2500 Hz). Figure 3 shows that there is a significant difference in spectral tilt (H1c-A1c) in ‘Atiu;
H1c-A1c is more negative for vowels that were in
contact with a preceding glottal phoneme that became zero, as opposed to vowels with other syllable
onsets (t(153) =2.0, p=0.04). This implies that, even if
the glottal stop is lost, the vowels carry creaky voice.
Therefore, the words [ta.i] ’sea, water’ and [ta.Pi] ∼
[ta.i] ’one’ would be minimal pairs in ‘Atiu.
˜ can be seen in figure 4, in addition to ‘Atiu
As
there are two more islands in which vowels that
were preceded by a glottal stop that then disappeared
had significantly lower spectral tilt than vowels that
were not preceded by a glottal stop ((C)V): Aitutaki (t(72) =2.3, p=0.02) and Rarotonga (t(1947) =5.8,
p<0.00001). On these islands it would also be true
that [ta.i]/[ta.i] would form a minimal pair. There
is not enough ˜data to study Ma’uke because its data

3. PHONETIC EVIDENCE FOR THE
PRESERVATION OF THE GLOTTAL STOP
AS CREAKY VOICE
Having seen these beliefs throughout our interviews,
our main question then became: Is it true that the
glottal stop is being “lost”? To answer this we
used untrained forced alignment [3, 4, 9] to extract
phonetic information from recordings of conversations in CIM collected in [7]. First, we extracted
469 glottal phonemes and measured their duration
and the percent of voiced frames using Praat scripts
[1]. From this, we classified the glottal stops into
three types: (i) Glottal phonemes with a full closure,
longer than 10 ms and with less than 25% of voiced
frames. (ii) Glottal phonemes where the closure is
longer than 10 ms, but where the voiced frames are
more than 25%; this type is meant to capture stops
with phonation and creak. (iii) Glottal phonemes
with a duration of less than 10 ms; here the stop has
been lost and turns into zero. Figure 2 shows the distribution of these three variants of the glottal stop on
five of the Southern Cook Islands.
There are three distinct patterns observable across
the islands. First, in Ma’uke the majority of the
glottal stops, 83%, are still full closures. Second,
Rarotonga and Mangain show a more mixed pat-
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Figure 3: Spectral tilt (H1c-A1c) for first third of
‘Atiu vowels according to syllable onset

Figure 5: Spectral tilt (H1c-A1c) in the final third
of the vowel, according to contact with glottal
stops (no contact, or vowel followed by a glottal
stop)

had only one token of a lost glottal onset. As for
Mangaia, there was no difference in voice quality (p=0.76) when vowels were preceded by glottal
stops.

appears to show vocal fry, with spectral tilt, a significantly lower F0 and glottalic constriction indicated
by a significant H1c-H2c. More data is required to
precisely describe the Aitutaki creaky voice, whose
vowels have spectral tilt, but are also periodic and
have no F0 differences. Finally, Mangaia shows no
indications of creaky voice; if anything, it’s values
are the opposite of what is expected: its vowels have
higher F0 and lower H1c-H2c values when they are
preceded by a lost glottal stop. The Mangaian variety is also phonologically distinct from the rest of
the Southern CIM varieties in the it has k>P. Function words such as kua ‘perfect tense’ and kāre ‘negative’ in Rarotonga are produced as [Pua] and [Pia] in
Mangaia. This additional glottal content may play a
fact in the phonation difference found in this variety.
In summary, there is evidence of variation in
the phonetic nature of the glottal stop amongst the
Southern Cook Islands. This evidence contradicts
the folk belief that the glottal stop is simply being
“lost”. Instead, some of the glottal stops are being
transformed into creaky voice. Therefore, the glottal
phoneme (and its associated laryngeal action) is still
playing a role in indicating minimal pairs in Cook
Islands Māori.

Figure 4: Spectral tilt (H1c-A1c) in the first third
of the vowel according to the onset of the syllable.

Figure 6 shows that vowels also have different
voice qualities when they are followed by a glottal
stop, compared to vowels that are followed by any
other environment. This is true in Aitutaki (t(54) =4.0, p=0.0002), Ma‘uke (t(678) =-9.3, p<0.00001),
Mangaia (t(1442) =-6.7, p<0.00001) and Rarotonga
(t(1749) =-11.6, p<0.00001). This environment can
only occur word-medially, so this indicates that a
(C)VPV combination might be turning into (C)VV,
˜˜
with the laryngealization cue present in the two vowels that come in contact with the absent glottal stop.
Interestingly, the one island that doesn’t show this
pattern is ‘Atiu (p=0.93), where it appears that only
onset glottal stops lead to more spectral tilt.

4. BRINGING IT BACK TO THE
LANGUAGE COMMUNITY

Table 1 shows all of the measurements used to
study the difference in voice quality between vowels with a lost glottal onset and vowels that were not
preceded by a glottal phoneme, measured at the first
third of the vowel. ‘Atiu shows signs of both spectral
tilt and aperiodicity, which might indicate the presence of a prototypical creaky voice [5]. Rarotonga

The next step was to bring this knowledge to the
stakeholders, particularly the school teachers, so that
they could make more informed decisions about the
representation of the glottal stop. USP recently established a programme of study in Pacific Vernacular languages and the CIM version began in 2016
[13]. In January 2017, a class on the structure of
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n
F0 (z-st)
H1c-H2c
H1c-A1c
H1c-A2c
H1c-A3c
CPP
CPPs
HNR
HNR05
HNR15
HNR25

Aitutaki
76
*
.

‘Atiu
157
.
*
*
*
.
*
.
.
.

Raro
1952
**
***
***
***
***

Mangaia
1583
Opp
Opp

phonetics of a language and in particular the separation of the phonemes and graphemes can be a useful tactic in contexts where orthographic reform is
desirable for revitalisation purposes, but resisted by
conservative community members.

Table 1: Comparison of voice quality for vowels with glottal onsets with closures shorter than
10 ms, compared to vowels in syllables with nonglottal onsets, for the first third of the vowel
(dot:p<0.1 *:p<0.5 **:p<0.01 ***:p<0.001 Opp:
Significant, but opposite to expected direction).

Figure 6: Teacher Tereapii Upokokeu from ‘Atiu
sings her “Glottal Stop Song” at USP in Rarotonga
in January 2019 [11]

CIM was taught at the Rarotonga USP campus to
a group of about 25 native-speaker school teachers,
most of whom teach legacy heritage speaker children and non-CIM-speaking children in Rarotonga.
Among the range of topics covered in this course,
careful attention was paid to the relationship between
the orthography and the phonetics and phonology of
the language.

5. CONSEQUENCES
This phonetic education has two significant benefits
for CIM language revitalisation endeavours. Firstly,
these teachers are now much better equipped to accurately teach their students and have begun to pass on
this phonetic knowledge, along with any other relevant learnings about the structure of Cook Islands
Māori. Furthermore, a few of these teachers have
taken up the wider community challenge of advocating orthographic reform. This is the first time that
there has been more than a handful of people in the
community who have a sound phonetic/phonological
understanding of their language and this might be the
time where change can finally prevail.

One particular heart-warming outcome of this
course was that several students gave feedback that
can be summarised as, “I am proud and excited to
learn how complex and sophisticated our language
really is. I was always told that our language was
simple and not as good as English and now I know
that’s not true.” This suggests that merely teaching
the linguistics of an endangered language to speakers of that language can counteract the harm caused
by the colonial violence perpetrated on the value and
social status of that language.

6. CONCLUSIONS AND FUTURE
RESEARCH
Our research on CIM phonetics is trying to establish
a ‘virtuous circle’, where the research comes from
the questions of CIM teachers and activists, and the
solutions are returned to them so they might generate more questions. Our most immediate plan is to
continue this work with the school teachers at USP
in Rarotonga. We will continue expand the teachers’
knowledge on phonetics and related analysis tools
such as Praat, and will seek to solidify their understanding and enthusiasm for CIM linguistics. Ideally, their enthusiasm will in turn be passed on to
their students and the wider community, increasing
general linguistic awareness and raising the prestige
of CIM.

Specifically relating to the phonetics education,
some of the students of this course have since been
advocating for orthographic policy reform within the
Cook Islands Ministry of Education (pers comms,
Ngavaevae Papatua, November 2018). The students
made the argument that it is important to understand
both vowel length, and the presence or absence of
the glottal stop, and as such, these features should
be marked when writing. In January 2019 the students produced a range of resources to help speakers and learners understand the purpose and implementation of the two controversial diacritic markers.
These include educational videos [2], oral presentations [6, 12, 10] and even a song [11]. This range of
responses suggests that increasing awareness of the
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ABSTRACT
We present an acoustic analysis of cues to onset
voicing in Dzongkha, the national language of
Bhutan. Dzongkha is typically described as having a
four-way laryngeal contrast between aspirated,
unaspirated, prevoiced and devoiced obstruents.
Previous descriptions suggest that this system may be
changing, with the devoiced series either merging
with the voiced series, or losing closure voicing but
retaining contrastive pitch and/or voice quality. Based
on data from 12 speakers, we find voiced and
devoiced plosives are realised both with and without
voicing lead. Tokens realized as phonetically voiced
can be redundantly breathy; however, a low register
tone always occurs on syllables headed by both
voiced and devoiced obstruents, regardless of
presence or absence of voicing lead. We discuss the
implications of these findings for models of
tonogenesis and historical sound change in the
Tibeto-Burman context.
Keywords: Voicing, tone, Tibeto-Burman
1. INTRODUCTION
Dzongkha (dzo) is a Tibetic language of Bhutan,
spoken by about 175,000 people as a native language.
As the national language, it is also spoken by a
majority of the over 700,000 inhabitants of Bhutan as
a second language.
Dzongkha is usually described as contrasting
voiceless aspirated, voiceless unaspirated, prevoiced,
and devoiced obstruents [6, 11, 16, 15]. For example,
consider the following minimal set:
(1) ta !་ ‘horse’
(2) tʰa ཐ་ ‘letter tha’

Michailovsky and Mazaudon [11] state that nonnative speakers frequently confuse the voiced and
devoiced series, producing both as voiced.
Conversely, Watters [15, 16] reports that the devoiced
series remains distinct from both the voiced and
voiceless series, but with acoustic realizations which
are “a hybrid of the voiceless aspirated and
unaspirated series” (2018:30), characterized by
breathy voice quality and low pitch. To the best of our
knowledge, these studies contain the only phonetic
analyses of Dzongkha to date.
Along with its typologically unusual laryngeal
contrast, Dzongkha has been analyzed as having a
tonal register contrast that is linked to the voicing of
the onsets: voiceless and aspirated obstruent onsets
are associated with the high register while voiced and
devoiced obstruent onsets are associated with the low
register [6]. This tonal register contrast has its source
in the historical laryngeal contrast. Complex onsets
for which the second member was a sonorant have
simplified to the sonorant only but with high tone,
showing a contrast with previous simple sonorant
onsets, now concomitant with a low tone. Among
obstruents, however, there is strong correlation
between onset type and f0 distribution, suggesting
that tone is still incipient in this series [16].
In this paper, we investigate the acoustic cues to
Dzongkha obstruents in onset position of
monosyllabic words. In particular, we are interested
in how obstruents differ in terms of VOT, f0, and
measures of voice quality. Based on previous
descriptions, we expect to find either a merger of the
/voiced/ and /devoiced/ stops [11] or maintenance of
the /devoiced/ series through at least some acoustic
dimensions [15, 16].

(3) da མད་ ‘arrow’
(4) d̥ a ད་ ‘now’

2. METHODS

The fricative series, while lacking aspirates, also
includes a devoiced member. The “devoiced” series
is so-called by Tibetanists as it derives from a
historically voiced obstruent series, as attested in
Written Tibetan [5] and reflected in the Dzongkha
orthography (see above). In many Tibetic languages,
its reflex is now voiceless unaspirated. See [6, 16] for
concise summaries of Dzongkha phonology.
There are some indications that the devoiced
series may be disappearing in Dzongkha.
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2.1. Participants
12 native speakers of Dzongkha (6 female) were
recorded in Sydney, NSW. All participants were also
fluent in English and spoke varying degrees of
Nepali, Hindi, and/or Tshangla, in addition to other
Bhutanese languages. Most speakers had at least one
parent who was not a native speaker of Dzongkha.
All except three were born in the Bhutanese capital of
Thimphu and had lived in Australia for no more than
3 years. The one speaker born outside Thimphu was

from Paro, a region in western Bhutan; he was also
the oldest speaker in our sample (age uncertain, but in
his early to mid 40s). The remaining speakers aged
from 15 to 27 (mean: 21).

Figure 1: VOT for plosives by voicing and place of
articulation, over all speakers and items.

2.1. Materials
Participants were recorded producing a list of 126
lexical items in isolation, with orthographic onsets /b̥
b p pʰ d̥ d t tʰ ɖ̥ ɖ ʈ ʈʰ g̊ g k kʰ dʒ̊ dʒ tʃ tʃʰ z̬ z s ʒ̊ ʒ ʃ dz
ts tsʰ l̬ l m n/. There were 3-5 unique items for each
onset, with varying vowel qualities; low vowels in
open/sonorant-final monosyllables were selected
wherever possible. For the sonorants /l m n/, the
wordlist included an equal number of items from both
the high and low tonal registers. Recordings were
made in a quiet room at a private residence in Sydney
with a Beyerdynamic 55.18 Mk II microphone
connected to a Marantz PMD-661 digital recorder.
2.2. Data processing and analysis
Recordings were annotated in Praat [1] for onset and
release of closure, duration of rime, and onset of
voicing. Obstruents were also coded for PHONETIC
VOICING, indicating whether a de/voiced segment was
realized with any amount of voicing lead.
Spectral measures were extracted using
PraatSauce [9]. f0, F1-F3, and harmonic amplitudes
(H1, H2, A1-A3) were measured at every 1 ms in the
target rime. Harmonic amplitudes were corrected for
the influence of vocal tract resonances (formant
frequencies and bandwidths) following [8].
Due to space restrictions, here we focus on the
plosives /b̥ b p pʰ d̥ d t tʰ ɖ̥ ɖ ʈ ʈʰ g̊ g k kʰ/, fricatives /z̬
z s ʒ̊ ʒ ʃ/ and sonorants /l̬ l m n/. For brevity, we will
use /D/, /D̥ /, /T/, /Tʰ/ to refer to phonologically
/voiced/, /devoiced/, /voiceless/, and /aspirated/
plosives, and [D], [T], and [Tʰ] to refer to their
phonetic realizations in terms of voicing lead/lag.
2.3. Results
2.3.1. Phonetic realization of devoiced segments
VOT distributions for the four plosive places of
articulation are shown in Figure 1, with means and
standard deviations in Table 1. Both /D/ and /D̥ / are
realized with and without closure voicing. The
distribution varies with speaker: some speakers
primarily realize both /D/ and /D̥ / as [D], others
primarily as [T], and some a mixture. Overall, 35% of
/devoiced/ stops were [voiced] (range: 7-93%) as
were 60% of the /voiced/ stops (range: 0-82%). The
percentage of [voiced] realizations in each context is
strongly correlated (r=0.7), indicating that most of the
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Table 1: Means & standard deviations of VOT (in
ms) for Dzongkha plosives, averaged over speakers
and place of articulation.

/D/ → [D]
/D/ → [T]
/D̥ / → [D]
/D̥ / → [T]
/T/
/Tʰ/

Mean
-102
25
-89
25
30
72

SD
38
15
37
13
20
23

speakers preferentially produce both /D̥ / and /T/
either as [D] or as [T].
A mixed model was fit to the data for nonaspirated plosives with fixed factors VOICING, PLACE,
their interaction, PHONETIC VOICING, and the
interaction of VOICING and PHONETIC VOICING, along
with random intercepts for speaker and item, speakerspecific slopes for VOICING and PHONETIC VOICING,
and item-specific slopes for PHONETIC VOICING.
Pairwise comparisons of the estimated marginal
means showed no significant differences in the
phonetic realizations: voicing lead times of plosives
realized as [D] were indistinguishable regardless of
whether they were orthographic /D/ or /D̥ / onsets;
when realized as [T], both were indistinguishable
from /T/ onsets (and from one another).
To estimate the effects of place of articulation on
VOT, we also fit a model with fixed terms PLACE and
PHONETIC VOICING, random slopes for speaker and
item, and speaker-specific slopes for PHONETIC
VOICING. No differences were found in voicing lead
times for [D] realizations, but the expected effects of
PLACE emerged for [T] and [Tʰ], with retroflex and

velar having longer VOTs (~40 ms voiceless, ~80 ms
aspirated) than bilabial and alveolar plosives (~20 ms
voiceless, ~60 ms aspirated), cf. [4].
Fricatives in Dzongkha can also be voiced (/Z/) or
devoiced (/Z̥ /). Like plosives, the presence of voicing
during the constriction was variable for nearly all
speakers in our sample. However, as seen in Table 2,
the frication durations for orthographically
/voiceless/ fricatives are rather longer than those of
/voiced/ or /devoiced/.
Table 2: Means & standard deviations of frication
duration (in ms) for Dzongkha fricatives, averaged
over speakers and place of articulation.

/Z/ → [Z]
/Z/ → [S]
/Z̥ / → [Z]
/Z̥ / → [S]
/S/ → [S]

Mean
158
165
146
147
185

SD
40
41
39
32
41

word, and speaker-specific slopes for VOICING and
PHONETIC VOICING; this was the maximal model
which converged. Pairwise comparisons of the
marginal means estimate the difference between high
and low register sonorants to be around 2.2 ST for
females and 1.4 ST for males. Within
orthographic/phonological voicing category, no other
pairwise differences were significant.
Comparing the effects of phonological voicing
across phonetic realizations, /D̥ / → [T] onsets were
significantly lower than /T/ → [T] onsets by around 2
ST for females and 1.5 ST for males; differences of
similar magnitude are found between /D/ → [T] and
/T/ → [T]. There were no significant differences in
the realization of pitch between the /D̥ / → [T] and /D̥ /
→ [D] onsets for either group. This shows that the
phonetic realization of the onset does not generally
affect f0 of the following vowel, consistent with tonal
register being lexically specified.
Figure 2: f0 (in semitones) averaged over speakers,
places, and manners (plosive/fricative) by
phonological (orthographic) voicing specification.

2.3.3. f0
Figure 2 shows the realization of f0 (in semitones)
over the first half of the rime by phonological voicing
specification (here, plosives and fricatives are
combined). Note that for sonorants, “voiceless” and
“voiced” refer to high and low tonal register,
respectively, and that /voiceless/ and /aspirated/
segments are plotted in the same quadrant.
For females, we see the expected effect of tonal
register: /voiced/ and /devoiced/ obstruents are
followed by lower f0 (< 4 ST), /voiceless/ by high f0
(> 4 ST). However, there do not appear to be any
differences between /devoiced/ and /voiced/ stops as
a function of their phonetic realization. For
/voiceless/ stops, there appears to be an onset f0
difference conditioned by aspiration, with [aspirated]
stops showing lower onset f0, similar to some
Chinese languages [3, 17]; further inspection (not
shown here) indicates this effect is driven by just a
few of the female speakers.
For males, the effect of tonal register on f0 in
sonorants is visually much smaller. Both /voiced/ and
/devoiced/ obstruents are followed by similar f0
trajectories, with [voiceless] realizations showing
slight onset f0 perturbation effects. For males, f0
following both /voiceless/ and /aspirated/ segments
is largely similar.
To estimate the size of the f0 differences, we fit a
mixed model to mean f0 over the first 25% of the
vowel with fixed factors SEX, VOICING, PHONETIC
VOICING, and all two- and three-way interactions. We
also included random intercepts for speaker and
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2.3.3. Voice quality
We also examined our data for variation in voice
quality, as measured by differences in spectral slope
[7, 16]. If /devoiced/ obstruents involve a lax vocal
fold setting, we should see higher spectral slopes at
the onsets of vowels following /devoiced/ as opposed
to /voiced/ or /voiceless/ obstruents (or sonorants).
Figures 3 and 4 show the time course of H1*-H2*
and H1*-A1* over the first half of the syllable rime
by voicing category, phonetic realization, and speaker
sex. For H1*-H2*, the expected differences are
apparent (females having greater spectral slopes than
males). For H1*-A1*, onset breathiness appears to be
a function of phonetic, rather than phonological
voicing: the onset of vowels following both /D̥ / →

[D] and /D/ → [D] are breathier than those following
/D̥ / → [T] or /D/ → [T], or /T/ → [T]. Mixed models
similar to those for f0 (not reported here) corroborate
the visual assessment. Results for F1 (not shown here)
follow a similar pattern (F1 higher after [D] and [Th]).
Figure 3: H1*-H2* (in dB) averaged over speakers,
places, and manners (plosive/fricative) by
phonological (orthographic) voicing specification.

Figure 4: H1*-A1* (in dB) averaged over speakers,
places, and manners (plosive/fricative) by
phonological (orthographic) voicing specification.

4. DISCUSSION
Unlike the speakers studied by Watters [16], VOT
does not distinguish /devoiced/ and /voiceless/
plosives for our speaker sample and corpus. For
speakers or tokens where /voiced/ or /devoiced/ are
realized as [voiceless], the VOT distributions do not
differ significantly. Similarly, when /devoiced/
plosives are realized as [voiced], they are not distinct
from /voiced/ realized as [voiced]. Furthermore, both
/devoiced/ and /voiced/ plosives are associated with
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low f0 on the following vowel, regardless of whether
or not closure voicing is realized. This indicates that,
despite the variability in (or confusion regarding) how
the onsets themselves should be pronounced,
speakers are clear as to which tonal register these
lexical items belong to.
Watters argues that breathiness and pitch are part
of a bundle of features that distinguish /devoiced/
from /voiceless/ obstruents in Dzongkha. In our data,
if breathiness is indicative of anything, it is of
phonetic voicing: H1*-A1* (though not always H1*H2*) is greater following /voiced/ and /devoiced/
stops when they are realized as [D], but not when as
[T] (cf. [2, 12]). This suggests that breathiness and
pitch are largely independent, pitch being primarily a
function of the tonal register associated with a
(monosyllabic) word, with voice quality either a
phonetic consequence of the way speakers implement
closure voicing, and/or an enhancement to improve
the perceptibility of voicing when it is realized.
While the present data are intriguing, they should
be interpreted with caution. In addition to Dzongkha
and English, nearly all of our participants also spoke
some Tshangla, Nepali, and/or Hindi, in addition to
other local languages. This is a common situation in
Bhutan, but nevertheless raises questions about codeswitching and transfer effects. We also need to test
with a wider range of vowel qualities; the voice
quality results in particular could be the result of
imbalances in our sample in terms of vowel qualities
(although in theory, the use of corrected spectral
balance measures should control for this).
In Dzongkha as elsewhere in Tibeto-Burman, it is
often supposed that the process of tonogenesis in the
obstruent series began with a loss of onset voicing,
resulting in a compensatory lowering of pitch via
breathy phonation [10, 13, 14, 16]. As nearly all the
speakers in our sample are quite young, they may be
somewhat further along in this process: having
apparently associated low f0 with voicing, voice
quality may no longer be perceptually influential, and
simply appears as a side effect of phonetic voicing of
obstruents. The significant confusion about whether
/voiced/ and /devoiced/ obstruents involve vocal fold
vibration indicates that these categories may be in the
process of merging, but the ultimate direction the
merger will take is not yet clear.
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ABSTRACT
This paper presents a first detailed analysis of the
Voice Onset Time (VOT) and Constriction Duration
(CD) stops /p t ʈ c k/ and flap /ɽ/ in the Indigenous
Australian language Warlpiri as spoken in Lajamanu
Community, in Australia’s Northern Territory. The
results show that Warlpiri stops are realised as
voiceless, long-lag stops word-initially, as well as
word-medially, where /p t k/ are also characterised
by CDs in excess of 100 ms, similar to those
reported for Kriol, and for the emerging mixed
language Light Warlpiri, also spoken in the
community, and by some of the participants. The
results indicate that the realisation of word-initial
Warlpiri flap /ɽ/ is highly variable, potentially
resulting in a near-merger with the rhotic
approximant /ɻ/. The results further suggest that
Warlpiri does not make a word-medial distinction
between stops orthographically represented by ‘rt’
and ‘rd’, which have been argued to be realised as /ʈ/
and /ɽ/, respectively.
Keywords: Warlpiri, stop consonants, Australian
languages, VOT, constriction duration.
1. INTRODUCTION
The Australian Indigenous language Warlpiri is a
Pama-Nyungan language spoken by approximately
2500-3000 people, including in the Indigenous
communities of Yuendumu, Lajamanu, Nyirrpi and
Willowra. Warlpiri is typically described as
consisting of several regional dialects [1, 2], though
it is possible that present-day community
configurations may have resulted in changes to
previously reported dialect distinctions. Noteworthy
also is a partial language shift in one community,
where a new mixed language, Light Warlpiri, has
emerged [3]. Light Warlpiri incorporates elements of
varieties of English as well as Kriol, a creole spoken
widely in the Northern Territory [4]. The
phonological system of Warlpiri is described as
sharing many similarities with other Australian
Indigenous languages; it consists of just three
vowels (/i a u/); a single series of stops /p t ʈ c k/
with five main places of articulation, and an absence
of fricatives. It is also described as having three
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rhotic phonemes; trill /r/, approximant /ɻ/, and a
retroflex flap /ɽ/ [5], which, apart from an absence of
build up of air-pressure resulting in a distinct release
burst, is articulatorily similar to a /ʈ/. The phonetics
of Warlpiri have received relatively little attention,
with the exception of early impressionistic
descriptions [5] and more recently small-scale
studies of Warlpiri phonetics with particular focus
on intonation [6], allophonic variation in voicing [7],
and inter-speaker variation in the realisation of the
word-initial realisation of the rhotic flap /ɽ/,
orthographically represented in as ‘rd’ [1]. We
present a first systematic acoustic analysis of the
VOT and CD of stops in Warlpiri as spoken in the
Lajamanu Community. The analysis is presented in
two parts: Section 3.1 presents the Voice Onset Time
(VOT) of word-initial stops /p t c k/, and an analysis
of variation in word-initial /ɽ/, while Section 3.2
presents VOT and Constriction Duration (CD) data
from word-medial stops and flap /p t ʈ ɽ c k/
(including discussion of variation in the realisation
of medial /ɽ/ and differentiation of medial /ʈ ɽ/ in
Sections 3.2.3 and 3.2.4, respectively).
2. PARTICIPANTS AND MATERIALS
Six female speakers of Warlpiri participated in the
study. Two were speakers of Warlpiri only (WO)
both in their late 40s, while four participants spoke
both Warlpiri and Light Warlpiri (W+LW): two in
their late teens; one in her early 20s; and one in her
30s. The participants thus may represent two
different generations and language-use profiles, and
their data will be presented separately in the
analyses, so as not to obscure potential language
change. All participants were literate in Warlpiri and
English, and spoke English as a second language.
The participants read an average of five or six
repetitions of a list of 33 Warlpiri words. Initial
targets were extracted from: jaja, jaka, jilimi,
jipilyaku, jitimi, jungarni, jupurrurla, kardiya,
karnta, kartirdi, kata, kiwinyi, kurdu, kuyu, pajirni,
pintaru, purla-purla, purlapa, tari, timana, tiya-tiya,
turlturrpa, tururru, rdaka, rdilyki, rduku-rduku;
medial targets were extracted from jaja, jaka, kata,
kurdu, luku, lupu, mirdi, ngapa, rdaka, and wati, as
well as mukarti and kartirdi. All target words were

two-four syllables long (only the first target in
reduplicated words purla-purla and rduku-rduku
were extracted), and on the basis of existing
descriptions of Warlpiri stress, all were assumed to
have primary stress on the first syllable [5],
potentially resulting in post-tonic stress on the
second syllable (see discussion in [8]). All targets
were elicited in a Warlpiri carrier sentence (ngaju
karna ___ wangkami: ‘I’m saying ___’), presented
on a computer monitor in a self-paced reading task.
Recordings took place in the Batchelor Institute for
Indigenous Tertiary Education Learning Centre, in
the presence of the second author and other Warlpiri
speakers. The target words elicited all Warlpiri stops
and the flap in word-initial position (/p t ɽ c k/) as
well as word-medial position (/p t ʈ ɽ c k/). Note that
the /t ʈ/ distinction is neutralised word-initially [5, 8,
9]. The phone is conventionally transcribed as <t>,
despite impressionistic descriptions as [ʈ] [9]. See
also discussion of medial /ʈ ɽ/ in Section 3.2.4. All
recordings had a 16-bit sampling depth with a
sampling rate of 44.1 KHz.
3. RESULTS
3.1. Initial stops

3.1.1. Variation in word-initial /ɽ/
A total of 115 tokens of word-initial /ɽ/ were
extracted from target words rdaka, rdilyki, and
rduku-rduku, selected to provide balanced vowel
environments. Fine-grained phonetic analysis
suggested the identification of five realisations of /ɽ/:
[ɻ], [ɻɽ], [ɽɻɽ], [lɽ], and [ɽlɽ]. Table 1 provides a
summary of the distribution of the five realisations
by the three target words and indicates that across
speakers, [ɻ] was the most likely realisation. We did
not characterise any /ɽ/ as trills [r] due to the clearly
identifiable burst(s) and relatively long [ɻ] elements
(sometimes in excess of 100 ms). Analysis of
individual modal productions suggest that the two
WO speakers and one of the four W+LW speakers
used [ɻɽ] as their modal realisation, while two other
W+LW speakers used [ɽlɽ] as their modal
realisation, and the final speaker used [ɻ] in 23 out of
24 cases. All speakers used at least two realisations.
Figure 1: Mean initial VOT in ms by speakers of
Warlpiri and Light Warlpiri (4; LW+W) and
Warlpiri only (2; WO). Error bars reflect SD.
100

Initial VOT comparison of LW+W (4)
and W only (2) speakers

80

3.1.1. VOT in word-initial stops (excluding /ɽ/)

60

The recordings yielded 831 tokens from which
initial VOT could be extracted. A small number of
additional tokens were excluded from analysis due
to environmental noise (dogs, doors slamming, fans,
etc.). The six participants contributed evenly to the
dataset (133-150 tokens/speaker), and the
distribution of the phonemes was relatively even
(148 /p/; 178 /T/; 251 /c/; 254 /k/). The initial VOT
results (see Figure 1) show that Warlpiri stops /p t c
k/ are produced as long-lag voiceless stops. Visual
inspection (of qqplots) indicated that the Warlpiri
data was not normally distributed, and we
transformed all duration measurements using
log10(duration+1). We conducted an LMER, with
‘consonant’ as fixed factor, and ‘speaker’ as random
effect, which indicated that VOT in word initial
position differed significantly. Post hoc comparisons
between all stops indicated that all stops differed in
VOT (df 822; p < .001 in all cases). The pattern in
VOTs is largely consistent with a (universal)
tendency for VOT to increase as a function of degree
of POA ‘backness’, though see discussion of VOT
of alveolar and retroflex stops in Section 4. There
was no significant effect of ‘group’ (WO vs.
W+LW), suggesting that the two groups of speakers
produce similar VOT in word-initial position.
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/p/

/t/

/c/

/k/

/p/

LW+W speakers

/t/

/c/

/k/

WO speakers

Table 1: Distribution of the five realisations of
word-initial /ɽ/ across three target words.
[ɻ] [ɻɽ] [ɽɻɽ] [lɽ] [ɽlɽ]
N Modal
rdaka

19

16

2

rdilyki

9

11

3

rduku

17

13

Total

45

40

5

37

[ɻ]

12

35

[ɽlɽ]

1

12

43

[ɻ]

1

24

115

3.2. Word-medial VOT and Constriction Duration

The recordings yielded a total of 361 disyllabic
Warlpiri words with a CVCV structure. We limited
the analyses to CVCV words to avoid potential
effects of ‘position in word’, as Warlpiri stops have
been described as decreasing in duration as a
function of ‘position in word’. It is not clear,
however, that this is a consistent effect, nor clear
that it affects VOT as opposed to, for instance, CD
[6]. (For a discussion of ‘position in word’-effects in
the present study, see Section 3.2.4). As in the wordinitial dataset, the six participants contributed evenly

to the dataset (16-17%/speaker), and the distribution
of phones in the dataset was relatively even (71 /p/;
73 /t/; 74 /ɽ/; 107 /k/), with the exception of /c/ (36
tokens only). 318 of the stops were realised with a
clear constriction period followed by a release burst,
allowing the extraction of both CD and VOT
information. 43 of the 74 /ɽ/ tokens were realised as
flaps, and thus yield only one durational measure.
Medial /ɽ/ is discussed in Section 3.2.3. As there
were no cases of second syllable onset /ʈ/ in the
CVCV targets, 74 tokens of /ʈ ɽ/ from the onset of
the third syllable are discussed in Section 3.2.4.

other stops deserves some discussion. In the case of
/ɽ/, this is consistent with the medial VOT results. It
is less clear why /c/ does not follow the pattern of /p
k/, and to some extent /t/, though it may be relevant
that the speakers of Light Warlpiri maintain a VOT
and CD contrast between /ʧ/ and /ʤ/ in words
sourced from English and/or Kriol, and that the CD
of /ʤ/ corresponds to that of /c/ in words of Warlpiri
origin [11]. There was no effect of speaker group,
indicating that the WO and W+LW speaking
participants produce similar word-medial CDs.
Figure 2: Mean medial VOT in ms by speakers of
Warlpiri and Light Warlpiri (4; LW+W) and
Warlpiri only (2; WO). Error bars reflect SD.

3.2.1. VOT in word-medial stops
The medial VOT results (Figure 2) are consistent
with the initial VOT data, and also suggest that
Warlpiri stops /p t c k/ are produced as long-lag
voiceless stops (see discussion of /ɽ/ in Section
3.2.3). The medial VOT measurements were not
normally distributed (visual inspection of qqplots),
and we transformed all duration measurements using
log10(duration+1). A LMER with ‘consonant’ as
fixed factor and speaker as a random effect was
significant (p < .001). Post hoc comparisons
revealed that the VOT of /k/ did not differ from that
of either /p/ or /c/ in medial position, while all other
stops differed in VOT (p < .001 for all, except /t/
versus /ɽ/: p = .02, and /c/ versus /p/: p = .0032).This
is, again, generally consistent with VOT duration
increasing as a function of POA ‘backness’.
Consistently with the initial VOT results, there was
no effect of ‘group’, indicating that the word-medial
VOTs of WO and W+LW speakers do not differ.
3.2.2. CD in word-medial stops

80

Medial VOT comparison of LW+W (4) and W only (2)
speakers

60
40
20
0

/p/

/t/

/ɽ/

/c/

/k/

/p/

LW+W Speakers

/t/

/ɽ/

/c/

/k/

WO Speakers

Figure 3: Mean medial CD in ms by speakers of
Warlpiri and Light Warlpiri (4; LW+W) and
Warlpiri only (2; WO). Error bars reflect SD.
300
250

Medial CD comparison of LW+W (4) and W only (2)
speakers

200
150
100

The medial CD results (Figure 3) suggest that
Warlpiri stops /p t k/ are realised with a medial
constriction duration well in excess of 100 ms,
similar to the range reported for fortis stops in some
Indigenous Australian languages which have a
fortis-lenis stop distinction [10], as well as that
reported for the voiceless series of stops in Kriol [4].
The CD data was, again, not normally distributed
(on the basis of visual inspection of qqplots), and we
transformed all duration measurements using
log10(duration+1). A LMER with ‘consonant’ as
fixed factor and speaker as random effect was
significant (p < .001). Post hoc comparisons
revealed that all stops differed from each other in
terms of CD (p < 0.001 for all, except /c/ vs. /p/: p =
.015) and /p/ vs. /t/: p = .017), with the exception of
/k/ vs. /p c/, and /t/ vs. /ɽ/. These results are
consistent with an effect of increased ‘backness’
resulting in longer CDs, though the fact that stops /ɽ/
and /c/ are produced with much shorter CD than
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/p/

/t/

/ɽ/

/c/

LW+W Speakers

/k/

/p/

/t/

/ɽ/

/c/

/k/

WO Speakers

3.2.3. Word-medial /ɽ/
The 74 instances of word-medial /ɽ/ (orthographic
‘rd’) were extracted from the target words mirdi and
kurdu. The /ɽ/ targets were characterised by two
realisations: a stop realisation [ʈ] with a mean (and
quite short) combined VOT+CD duration of 65 ms
(VOT and CD in Figures 2 and 3), and a tap [ɽ]
realisation with a mean duration of just half of that
at 28 ms. This contrasts with previous work that
argues that medial ‘rd’ is realised as a brief retroflex
tapping gesture [5]. Table 2 provides a detailed
breakdown of the pattern of /ɽ/ realisation. From this
table, it is clear that /ɽ/ segments produced in a highfront vowel context /iCi/ are much more likely to
have a ‘full’, temporally expanded, retroflex stop

realisation [ʈ] whereas /ɽ/ in the high back-vowel
context /uCu/ is much more likely to be [ɽ], an
allophony pattern which appears to be related to the
distribution of the apical contrast reconstructed by
Dixon [12]. We speculate that this is due to wellestablished articulatory difficulties in producing
clearly retroflex targets in this environment: by
expanding the stop realisation, a speaker/hearer may
be able to more clearly differentiate /ɽ/ from, for
instance, medial /t/.
Table 2: Distribution and mean duration of 74
tokens of orthographic ‘rd’ in /uCu/ and /iCi/
contexts. The average duration of [ʈ] = CD + VOT.
WO indicates Warlpiri-only speakers.
/uCu/
/iCi/
/ɽ/

/ʈ/

ID

N

ms

A56 (WO)

6

A69 (WO)
AC09

ms

N

ms

39

3

42

3

82

6

20

3

19

3

41

4

32

1

23

5

51

6

77

6

78

50

6

76

AC58

7

25

A21

6

23

Total N

29

8

14

23

Total %

78

22

38

62

7

100

VOT, CD , and total Stop Duration in orthographic 'rd'
and 'rt'

50

VOT dur (ms)
'rd' (37)

CD dur (ms)
'rt' (33)

Total stop dur (ms)
'rt' tap (4)

4. DISCUSSION

ms

2

Figure 4: Mean VOT and CD of ‘rt’ and ‘rd’ in
third syllable onsets. Error bars reflect SD.

0

/ʈ/

N

AC41

N

/ɽ/

further they are from the onset following the
primary-stressed first syllable (a pattern called posttonic lengthening) [6, 8].

27

3.2.4. Word-medial differentiation of /ʈ ɽ/
As is clear from Section 3.2.3, word-medial /ɽ/ has
variable realisation. This may interfere with the
maintenance of a phonological distinction between
orthographic ‘rd’, traditionally describes as flap /ɽ/,
and a orthographic ‘rt’, previously described as a
retroflex stop /ʈ/. Since the CVCV data set did not
include instances of orthographic ‘rt’ with which to
compare the realisations of ‘rd’, we extracted 37
instances of both orthographic ‘rt’ and orthographic
‘rd’ from third-syllable onsets in mukarti and
kartirdi. With the exception of four [ɽ]-realisations
of ‘rt’ in the target word mukarti, all were produced
as [ʈ], with distinct CD and VOT phases (see Figure
4), consistent with the mean CD and VOT reported
for medial /ɽ/ realised as [ʈ] in CVCV context. Taken
together with the variation in word-medial /ɽ/, this
suggests that speakers of Warlpiri in Lajamanu do
not contrast medial /ʈ/ and /ɽ/, and that variation in
the realisation of a single Warlpiri retroflex stop /ʈ/
as either [ʈ] or [ɽ] depends in part on the vowel
environment. There is no evidence from the present
data set that position in word affects the realisation
in such a way that stops become progressively
shorter (or realised as flaps more frequently) the
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The present study confirms that word-initial and medial stops in Warlpiri are realised as longlag/voiceless stops, with relatively long word-medial
constrictions. The VOT and CD of Warlpiri stops
generally follow the frequently observed pattern of
increased durations as an effect of increased
‘backness’ in terms of POA, thought to have
significant articulatory underpinnings. The notable
exceptions to this pattern are the relatively short
durations of the alveolar and retroflex stops, though
this is to some extent consistent with what has been
reported for other languages (see for instance a study
of Indo-Iranian languages [13]). The study also
reveals a great degree of variation in the realisation
of word-initial /ɽ/, consistent with previous reports.
Indeed, the high frequency of [ɻ] realisations of /ɽ/
may be a strategy to differentiate /ɽ/ from <t>
(typically realised as [ʈ]). Further, this may
potentially result in a near-merger of /ɽ/ with /ɻ/,
though further acoustic analyses and perceptual
testing is necessary to test this hypothesis. The study
also indicates that there is no clear differentiation of
/ʈ ɽ/ word-medially, suggesting that it may be the
case that Warlpiri has just one retroflex stop /ʈ/,
which has different allophonic realisations wordinitially and word-medially. The present data does
not provide evidence to support the claim that
position in word has a strong effect on stop (VOT +
CD) duration in Warlpiri, though the study was not
designed to explicitly test this hypothesis. Finally,
the fact that we did not observe any significant
differences in the realisation of stop voicing between
speakers of Warlpiri only (WO) and those younger
speakers who also use Light Warlpiri (W+LW)
suggests that the findings are consistent across these
groups, despite generational differences and daily
language use patterns.
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ABSTRACT
Amis (a.k.a. Pangcah) is an Austronesian language
spoken on the east coast of Taiwan. We investigate
the acoustic properties of the emphatically lengthened
segments and to highlight some unique features of the
phenomenon from cross-linguistic perspectives. In
Amis, stative verbs (adjectives) undergo segmental
lengthening to express at least two degrees of
emphasis. Segmental lengthening may be either
vowel lengthening or consonant lengthening, and it is
remarkable that these two types of lengthening are not
interchangeable for gradable antonyms. Regarding
other stative verbs, “unexpectedness” is expressed via
consonant lengthening, while vowel lengthening is
used in “regular” emphasis, as the default strategy.
The Amis data suggest a possible connection between
phonetic naturalness and emphasis, namely that since
it is more difficult to lengthen a consonant, using
consonant lengthening for expressing emphasis will
lead to higher “surprisal” in the signal, which, in turn,
may be related to unexpectedness and other possible
semantic connotations.
Keywords:
Amis,
Austronesian,
Emphatic
Lengthening, Markedness, Phonetic naturalness
1. INTRODUCTION
This paper is an acoustic and perceptual study of
emphatic lengthening in Siwkolan Amis. Amis (a.k.a.
Pangcah) is an Austronesian language spoken on the
east coast of Taiwan. Siwkolan Amis (hereafter
Amis) is one of the five major dialects and is spoken
in Hualien county. Amis has 17 consonant phonemes
/p, t, ts, k, ʔ, ʡ, f , s, ɬ, ħ, j , w, l, r, m, n, ŋ/ and 4 vowel
phonemes /i, a, u, ə/. The maximal syllable is CVC.
Like many other Austronesian languages, Amis is a
stress language with a canonical word order of VSO.
Stress regularly falls on the final syllable of a word
and is primarily cued by a F0 peak. Likewise,
declarative intonation in Amis is marked with a H%
in phrase-final position.
It has long been found that in many unrelated
languages, both vowel and consonant lengthening can
be used for emphasis (e.g., [2]), for example,
Rotuman vowel protraction ([5]), Eskimo expressive
lengthening ([9], [11]), Japanese ([7]), etc. But the
term “emphasis” covers a wide range of functionally
different phenomena. To be more specific, we define
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emphasis in this study as phonetic manifestations
referring to either (i) expressive intensification (i.e.,
“special prominence for amplifying the verbal
meaning”) and (ii) contrast to one’s expectation (i.e.,
“degree of affective evaluation of a discrepancy
between observed fact and expectation”), based on
[8]’s criteria. Our experience is that both are encoded
in Amis. See sections 4 and 5 for more detail.
In Amis, emphatic lengthening is found in stative
verbs (roughly equivalent to adjectives in other
languages). Stative verbs are formed by prefixing maand suffixing -aj to a stem, for example, ma-lulúʔ-aj
‘to be yellow’. Emphasis falls on the penultimate
syllable of a stative verb, but not the final syllable as
in non-emphatic forms. More interesting is the fact
that emphatic lengthening in Amis is unique in that,
although both consonants and vowels may be
lengthened in emphatic forms, there is a strict cooccurrence restriction on consonant and vowel
lengthening. Specifically, our observation is that in
some cases, vowel lengthening is used, e.g., awaʔaj
→ awaːʔaj ‘few → fewEMP’, while in some other
cases, consonant lengthening is evoked instead, e.g.,
katəlaŋaj → katəlːaŋaj ‘old/used → old/usedEMP’.
According to [4]’s results, there are two levels of
emphasis, or, Level 1 vs. Level 2. Four speakers were
asked to produce as many different emphatic forms as
they could for each stative verb (N=65). The results
show that 86.3% of the target words have two levels
of emphasis and 8.3% have three levels of emphasis.
It is important to note consonant versus vowel
lengthening is not interchangeable with each other in
most cases. We believe that the choice may not be
idiosyncratic. That is mainly because (i) the native
speakers we consulted with, to a great extent, share
the same judgment and (ii) more crucially, we further
found that non-gradable stative verbs cannot undergo
emphatic lengthening and emphatic forms cannot be
negated. It is fair to say that both are grammatically
conditioned phenomena.
The goals of this study are two-fold. First, an
acoustic and a perceptual study are conducted to
document and investigate the acoustic properties of
emphatic lengthening and how different degrees of
emphasis is perceived. Second, how the choice
between consonant lengthening versus vowel
lengthening is determined in emphatic forms.

2. ACOUSTIC EXPERIMENT
2.1. Participants

Five Siwkolan Amis speakers (2 males and 3 females;
aged 45~65 years old at the time of recording) with
normal hearing and no apparent speech deficits were
recruited and paid for their participation.

1 > Level 0 (> = longer, p<0.001) in (1a). As for
vowel lengthening, likewise, the vowel on the
penultimate syllable (V3) is significantly longer at
Level 2 and at Level 1 in (1b) (> = longer, p<0.001).
Figure 1: The duration of each segment in different
emphatic conditions. Consonant lengthening is shown
in (1a) and vowel lengthening in (1b)
500

2.2. Materials

400
300

The test materials include 83 quadrisyllabic stative
verbs. The target words were randomized and
embedded into one of following carrier phrases
wherever applicable: ___ ħatini ‘Now it is very ___’,
____ kura ‘This stuff is _____’, or ____ kaku/tɕiŋra
‘I/He is ____’. Each token was firstly read without
emphasis (Level 0), then with Level 1 of emphasis
and with Level 2 of emphasis, yielding a total of
1,245 tokens (= 83 quadrisyllabic words × 3 levels ×
5 speakers).
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0
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2.3. Recordings

The recordings were conducted in a quiet classroom
of an elementary school in Yüli, Hualien county. We
used a digital recorder (Roland Edirol R09), a mixer
(Sound Devices MixPre-2) and a headworn unidirectional microphone (Shure Beta 54), which was
placed about 1 inch from the speaker’s mouth.

We can see in Figure 2 that there may be a F0 peak on
the penultimate syllable in the emphatic forms: Level
2 > Level 1 > Level 0 for both male and female
speakers. We also found that the syllables undergoing
consonant lengthening have a high rising pitch
contour, whereas the syllables undergoing vowel
lengthening carry a high falling pitch contour.

2.4. Data analysis

The recordings were digitized with a sampling rate of
44.1 kHz and all acoustic measurements were done
by Praat ([3]). The segmentation was based on the
beginning and ending points of F2. Manual
adjustments were performed to correct irregular
glottal pulses with the help of ProsodyPro ([10],
version 5.7.8.1). As the general impression is that the
emphatically lengthened syllables are characterized
by consonant or vowel lengthening and F0 peak for
both Levels 1 and 2, often, if not always,
accompanying with a non-modal phonation (falsetto)
and voice quality change (pharyngealization) for
Level 2. Therefore, in addition to the F0 values, we
included the following measurements for the sake of
completeness, namely, the duration of each segment,
F1, F2, F3, H1-H2, H1-A1 and H1-A3 at the midpoint
of the vowel on an emphatically lengthened
(penultimate) syllable.

Figure 2: The pitch contours of quadrisyllables in
different emphatic conditions: Consonant lengthening
(CL) in (2a and 2c) and vowel lengthening (VL) in (2b
and 2d).
(2a) Male speakers (Consonant lengthening)
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(2b) Male speakers (Vowel lengthening)
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2.5. Results: Acoustic study

Figure 1 provides a summary of the duration of each
segment in three different emphatic conditions. The
onset of the penultimate syllable (C3) is significantly
longer in emphatic forms, i.e., C3 in Level 2 > Level
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(2c) Female speakers (Consonant lengthening)

3.1. Participants
Ten Siwkolan Amis speakers (4 males and 6 females)
aged 40~63 years old with normal hearing and no
apparent speech deficits were recruited and paid for
their participation in this study.
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(2d) Female speakers (vowel lengthening)
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As mentioned earlier, the vowel on a penultimate
syllable tends to undergo pharyngealization at Level
2 of emphasis. This is probably because of the fact
that Amis has two guttural sounds: a voiceless
pharyngeal fricative /ħ/ and an epiglottal stop /ʡ/. This
observation is confirmed in the acoustic study.
Precisely, regarding the cases of vowel lengthening,
the emphasized syllables at Level 2 have a lower H1H2, H1-A1 and H1-A3 than those at Levels 0 and 1,
but the difference is only significant for H1-A1 and
H1-A3 (p<0.001). As for the cases of consonant
lengthening (CL), the emphatically lengthened
syllables at Level 2 have a significantly lower H1-H2,
H1-A1 and H1-A3 than those at Levels 0 and 1 (p
<0.001). The differences between Level 0 and Level
1 are not significant. The results are consistent with
what has been reported in the literature. For example,
[1] reports that pharyngealization in Jordanian and
Moroccan Arabic induces a “tense voice” quality with
a lower H1*-A1*, H1*-A2*, H1*-A3*.
Figure 3: The values of H1-H2, H1-A1 and H1-A3
measured at the midpoint of V3 (where CL =
consonant lengthening, VL = vowel lengthening)
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3. PERCEPTUAL EXPERIMENT
We turn in this section to explore how different
degrees of emphasis are perceived by native speakers
of Siwkolan Amis.
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3.2. Materials
Six target words produced by one female speaker
(i.e., 3 words with consonant lengthening and 3 words
with vowel lengthening) were used in this
experiment. The pitch values and segment durations
were chosen to be close to the grand means of the
corpus data. Subsequently, the duration of C3 (i.e.,
the onset of the penultimate syllable of a
quadrisyllabic stative verb) was manipulated for each
target word in order to obtain stimuli with the same
F0 value but with three different durations. Nine
stimuli were created for each target word as there are
three levels of emphasis. See Figure 4 for a sample
demonstration.
Figure 4: Three different modified durations of the
target word kaʔəsoʡaj ‘to be dry’ (Level 0).
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In total, 144 trials (= 6 combinations (2 durations × 3
levels) × 6 target words × 2 types (AXB and BXA) ×
2 repetitions) were created for an AXB identification
test.
3.3. AXB identification test
In the AXB identification test, X corresponds to the
original target word and A and B differ from X either
the duration or F0, e.g., X=Dur1 and F01 , A=Dur1 and
F00, B=Dur0 and F01). Participants were asked to
press the response button labeled ‘‘1’’, if X is similar
to A, or “3”, if X is similar to B. The response times
were also recorded from the onset of the third
stimulus (B). The experiments were conducted in a
quiet classroom of an elementary school either in
Yüli, Hualien county or in Taoyuan city, Taiwan.
3.4. Results: Perceptual study
The results of the AXB identification test are
provided in Figure 5. Regarding the cases of
consonant lengthening (CL), participants cannot
perceive the durational differences at all three levels.
Only 9% of the trials are perceived having a longer
duration. F0 peaks are instead judged to be a more

salient cue, accompanied by phonation/voice quality,
i.e., falsetto or pharyngealization. As for the instances
of vowel lengthening (VL), 43% of the trials can be
reliably distinguished by means of duration. In other
words, participants are more sensitive to vowel
lengthening than consonant lengthening. We may
conclude that these Amis speakers used both cues
(i.e., vowel lengthening and F0 peaks) to perceive and
distinguish between different levels of emphasis.
Figure 5: Results of the perceptual study
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4. PHONETICS-SEMANTICS INTERFACE?
It remains unclear how the choice between the two
types of lengthening is determined. Here, we would
like to entertain the possibility that if the choice may
well be conditioned on the basis of semantics. Some
discussion is in order. Firstly, as a matter of fact, some
stative verbs do undergo both consonant lengthening
and vowel lengthening, although the emphatic forms
convey distinct meanings. For example, we found that
vowel lengthening occurs in maluluːʔaj ‘very
yellow’, while consonant lengthening is used for
“unexpected” forms: malulːuʔaj ‘unexpectedly too
yellow’. Recall [8]’s “contrary to one’s expectation”
and more crucially, vowel lengthening and consonant
lengthening are not interchangeable in cases of this
sort, either. That is, ‘unexpectedly too yellow’ cannot
be expressed via vowel lengthening. So it is not
impossible to assume that vowel lengthening is the
“default” strategy for “regular” emphasis, while
consonant lengthening is used in more “marked”
circumstances of emphasis.
Secondly, for other cases such as “wide vs.
narrow”, “short vs. tall”, etc., we have mentioned that
consonant vs. vowel lengthening are, again, not
interchangeable in emphatic forms. Remarkably, we
found that in gradable antonyms, for instance,
tsifəraŋaj ‘hot’ opts for consonant lengthening,
whereas vowel lengthening is exclusively used in
saʔəməlaj ‘breezy’. Again, we are convinced that the
choice is not based on phonetic and/or phonological
conditions. These emphatic forms convey what [8]
dubbed “expressive intensification” (i.e., “special
prominence for amplifying the verbal meaning”).
According to [8] and references cited therein,
expressive intensification comes into two types,
namely that (i) positive, “expression of pleasure,

3620

likely to be signalled by strengthening sonorous
features of the accented syllable, especially nucleus
lengthening, e.g. it’s deLIcious!”, and (ii) negative,
or, “expression of dislike, by weakening sonorous
features of the accented syllable, initial consonant
lengthening at the expense of the nucleus, e.g. it
STINKS!”. Returning to Amis, it is not clear to us how
and why “breezy”, for example, opts for sonoritystrengthening positive emphasis (presumably, vowel
lengthening), whereas “hot” chooses sonorityweakening negative emphasis (again, presumably,
consonant lengthening). But it is likely that for
gradable antonyms, the choice between consonant vs.
vowel lengthening must be somehow related to the
“positive” vs. “negative” distinction of emphasis. We
leave this issue for future research.
5. DISCUSSION
Siwkolan Amis distinguishes at least two Levels of
emphasis (Level 0, Level 1 and Level 2). Both
consonants and vowels can be lengthened in emphatic
forms. But consonant vs. vowel lengthening is
basically not interchangeable for gradable antonyms.
We found that consonant lengthening is used when
the target word has an “unexpectedness” connotation,
so vowel lengthening is the “default” strategy for
emphasis. To this end, we may entertain the
possibility that markedness is rooted in phonetic
naturalness. More precisely, since it is phonetically
easier to lengthen a vowel, using vowel lengthening
for emphasis will result in lower “surprisal” (or
Shannon’s information in context, broadly construed;
[6]). In contrast, it is phonetically more difficult to
lengthen a consonant; so using vowel lengthening for
emphasis will result in higher “surprisal”, i.e.,
unexpectedness. The Siwkolan Amis data seem to
suggest that different semantic categories may be
phonetically emphasized in a distinct fashion. It is
worth exploring if the choice between consonant vs.
vowel lengthening may be mediated via phonetic
naturalness and “Surprisal” in the signal.
6. CONCLUSION
In this work, we have shown a potentially
promising connection between phonological
markedness, phonetic naturalness and in the realm of
non-lexical distinction, i.e., emphasis conveying
unexpectedness and/or expressive intensification in
Siwkolan Amis.
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ABSTRACT
In this study, we investigated the influence of
alcohol intake on pronunciation in both a native and
a non-native language. At a Dutch music festival, we
recorded the speech of 87 participants in Dutch
(native language) and English (non-native language)
when reading a few sentences in both languages.
The recorded audio samples were judged by 108
sober native Dutch speakers in a perception
experiment at the same festival. Participants were
asked to judge how clear the Dutch pronunciations
of a random selection of speakers were and how
native-like the English pronunciations were. The
results, analysed using generalized additive
modelling (which is able to identify non-linear
relationships), indicated a small linear negative
relationship between alcohol intake and clarity of
Dutch speech. For English there was no effect of
alcohol intake on the native-likeness of the English
pronunciations.
Keywords: L1 pronunciation, L2 pronunciation,
Alcohol intake.
1. INTRODUCTION
Alcohol intake negatively affects speech. For
example, vowels and consonants are often elongated
and fricatives such as /s/ may be distorted [5]. While
there has been a substantial amount of research
focusing on the influence of alcohol on speech, these
studies have mostly focused on speech in a native
language (L1). For example, Chin and Pisoni [1]
report on dozens of studies investigating the
influence of alcohol on speech, and clearly show that
alcohol negatively affects speech. Among other
aspects, they mention that the intake of alcohol
results in an increased number of speech errors,
lengthening of vowels and consonants, and frication
of stop consonants ([1]: Ch. 9). In addition,
perceptual studies (e.g., [5]) show that both
experienced and naïve listeners are able to detect
whether speakers were under the influence of
alcohol.
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Despite the overwhelming evidence that alcohol
negatively affects speech in a native language, a
popular belief is that alcohol positively affects
speech in a non-native language (L2). However,
only a few studies have specifically investigated this
relationship.
Guiora et al. [2] recorded 87 native American
English students repeating auditorily presented Thai
words and phrases. Their observation was that “the
ingestion of small amounts of alcohol, under certain
circumstances, does lead to increased ability to
authentically pronounce a second language” (p.
426).
In another study, Tsiljár-Szabó et al. [7]
investigated tongue-twisters pronounced by 15 adult
speakers of Hungarian. Their results showed that
“subjects made more speech errors in alcohol
influenced than in sober states in all types of the
tongue-twisters except for those using foreign
words” (p. 737; emphasis added).
The final, most recent, study considering nonnative speech was conducted by Renner et al. [6].
They recorded dialogues between German speakers
when arguing in Dutch (their L2) about animal
testing, who either drank alcohol (to an approximate
blood alcohol concentration, BAC, of 0.04%) or not.
Subsequently, the language skills of the speakers
were rated on nine aspects of language proficiency
by two native Dutch judges who were blind to the
experimental condition. The nine aspects of
language proficiency included, for example, word
selection, grammar, and pronunciation. The results
of Renner et al. [6] indicated that the language skills
of speakers in the alcohol condition were judged
significantly better than those in the sober condition.
Importantly, this difference was caused by the
pronunciation of the speakers in the alcohol
condition being rated more favourably than that of
the speakers in the sober condition. Renner et al. [6]
hypothesized that one of the reasons for this finding
may have been related to speakers’ potentially
reduced language anxiety in the alcohol condition as
compared to the sober condition. However, this
hypothesis could not be tested since language
anxiety was not measured in their study.

In the present study, we aim to replicate and
expand on the results of Renner et al. [6] in different
experimental conditions. While Renner et al. [6]
recorded spontaneous speech to assess general
foreign language skills, the present study focuses on
pronunciation by using read speech stimuli. In line
with Renner et al.’s findings [6], we hypothesize that
L2 pronunciation (in our case, English) improves for
speakers with higher BAC levels. If this hypothesis
is indeed supported, we expect (in line with the
hypothesis put forward in [6]) that this is due to
lower foreign language anxiety for speakers with
higher BAC levels. Furthermore, we expect that the
speakers’ native (Dutch) pronunciations are
negatively influenced by higher BAC levels.
2. DATA COLLECTION
Data was collected in August 2018 at Lowlands
Science, a science event at the three-day music
festival Lowlands with 55,000 visitors held in
Biddinghuizen, the Netherlands. Before the study,
ethical approval was obtained via the Faculty of Arts
Research Ethics Review Committee of the
University of Groningen. Given the setting, each
individual part of the data collection procedure
(intake,
production
experiment,
perception
experiment) was set up in such a way that it took at
most seven minutes. By having a team of 12
researchers involved in data collection, waiting time
was reduced to a minimum and participating in all
phases of the complete procedure took 20 minutes at
most. In order to allow the first participants at
Lowlands Science to participate in the perception
experiment, we also collected some speech
production data beforehand. We did this for a total
of nine speakers (in line with the approach discussed
in Sections 2.1 and 2.2) who had varying BAC
levels. This data is included in the analysis as well.
2.1. Intake and questionnaire

After signing an informed consent form and
being informed about the purpose of the experiment,
each participant had to fill out an intake
questionnaire that was used to obtain general
information about the participant (such as age,
gender, province of birth, and education level), the
participant’s language background (e.g., native
language, and self-rated English language
proficiency), and finally the participant’s foreign
language anxiety. To assess general foreign
language anxiety, we adapted seven questions
(questions 1, 9, 14, 18, 24, 27 and 30) from the
communication apprehension subscale of the foreign
language classroom anxiety scale (FLCAS; [3]). The
original subscale consisted of 11 questions, but we
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excluded four questions (questions 4, 15, 29, 32)
focusing on listening rather than speaking. We
translated the questions into Dutch and adapted them
in such a way that references to “language class”
were replaced with explicit references about
“speaking English”. For example, two of the
questions were: “I would not be nervous speaking
English with native speakers” and “I start to panic
when I have to speak English without preparation”.
Participants had to rate their agreement with each
statement on a five-point-scale (1: strongly agree, 5:
strongly disagree). Cronbach’s alpha for the seven
questions was 0.76, indicating a reliable scale and
therefore a single measure was constructed by taking
the average score of all seven questions (questions
where higher scores indicated less anxiety were
inverted).
After entering the data from the questionnaire
into a spreadsheet, the experimenter used a certified
professional breathalyser (AlcoTrue P) to obtain the
blood alcohol concentration of the participant. The
intake process lasted about 5 minutes per participant.
Having finished the intake, the participant either
participated in the production experiment
immediately followed by the perception experiment,
or only in the perception experiment. Hence, the
anxiety questionnaire and other information were
directly linked to the individual’s participation in the
experiment(s).
2.2. Production experiment

During the production experiment, the participants
were sitting approximately 1 meter from a 27-inchcomputer screen on which the words and sentences
were displayed which they had to read out loud.
Besides the acoustic recordings, we also collected
simultaneous ultrasound tongue imaging data. This
data, however, is still in the process of being
analysed and will not be discussed in the remainder
of this paper. We used the AAA software package
(Articulate Instruments Ltd) to record the acoustic
speech signal at 22.05 kHz using a Shure WH20
XLR headset microphone. By using a headset
microphone and collecting data in a separate room,
the background noise was hardly perceptible in the
resulting recordings.
After positioning the microphone close to the
mouth, participants read several words and phrases,
and conducted a few diadochokinetic (DDK) tasks.
For the purpose of this study, we only focus on the
Dutch and English sentences which were judged by
other listeners during the perception experiment. The
target Dutch sentence was: “Het was voorjaar en de
zon scheen, iepen waren in bloei, water liep uit
fonteinen, roeken vlogen rond en goudvissen, zo

groot als dolfijnen schoten door het glinsterende
water.” (English translation: “It was spring and the
sun was shining, elms were in bloom, water came
from fountains, rooks flew around and goldfish, as
big as dolphins were shooting through the glistening
water.”) The English phrase consisted of the first
part of the elicitation paragraph used in the Speech
Accent Archive [9]: “Please call Stella. Ask her to
bring these things with her from the store: Six
spoons of fresh snow peas, five thick slabs of blue
cheese, and maybe a snack for her brother Bob.”
While the alcohol level of the speaker may have
affected reading ability, each recording with a
mispronunciation was recorded anew.
2.3. Perception experiment

Recordings made during the production experiment
were automatically uploaded to a network attached
storage drive. In the perception experiment,
implemented in PsychoPy [4], the recordings of the
Dutch and English sentence indicated in the previous
section were used as stimuli. The perception
experiment had two parts of equal duration and took
five minutes in total to complete.
During the first half of the experiment, the
participants were presented with the English
pronunciations of other speakers through a pair of
Sennheiser HD 280 headphones. The speakers from
whom the corresponding English audio sample was
selected were randomly chosen and the audio
samples were presented in random order. For each
audio sample, the listener was asked to judge how
well the English pronunciation of the speaker was on
a scale from 1 (bad) to 5 (not distinguishable from a
native English speaker). Listeners were not required
to listen to the complete audio sample before making
a judgment. As each half was time-limited to 2.5
minutes, the number of speech samples rated by the
participants differed depending on their speed.
Those who listened to the entire audio sample rated
fewer samples than those who only listened to the
first part of the audio sample before making their
judgment.
The second half of the experiment was similar to
the first, with the only difference that speakers were
now presented with the Dutch audio samples (of a
new random selection of speakers, randomly
ordered). In this case the speakers were asked to
indicate how clear the Dutch pronunciation was on a
scale from 1 (very unclear) to 5 (very clear). As
before, listeners were not required to listen fully to
each audio sample, and the second half of the
experiment also ended after 2.5 minutes.
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3. ANALYSIS
Before analysing the data, we first determined which
participants had to be excluded (see below). Note,
however, that the results were comparable when
including all data (thereby including the acoustic
data from all 154 recording sessions and the
associated ratings from all 257 participants who
rated the Dutch and English pronunciations).
3.1. Pre-processing and data selection

In the analysis, we only included audio samples for
native Dutch monolingual speakers who were born
and still living in the Netherlands, who did not have
any self-reported reading, hearing or speaking
problems, and who had not used drugs. Because the
majority of BAC measurements (87 out of 94) was
0.8 or lower, and there was a comparatively large
gap following a BAC of 0.8 (i.e. a BAC of 0.97), we
excluded the speech samples from 7 speakers with a
BAC > 0.8 and therefore retained the speech
samples for a total of 87 speakers (39 male, 48
female; M age: 21, SD age: 9.
While all interested people were allowed to
participate in the perception experiment, we only
included the ratings given by 108 native Dutch
speakers (40 males, 68 females; M age: 20, SD age:
8) adhering to the same criteria as for the production
experiment (see previous paragraph) in addition to
no alcohol intake (i.e. with a BAC of 0). The total
number of ratings for the data obtained during the 87
production experiments was 1,449. On average, each
English speech sample received almost 10 ratings,
whereas each Dutch speech sample (which lasted
slightly longer) received on average almost 8
ratings. As individual raters may differ in their
interpretation of the rating scales, we z-transformed
the scores for each rater per language separately.
Consequently, the average rating per language
(English and Dutch) for each individual rater was 0.
3.2. Statistical analysis

After pre-processing the data, we fitted a generalized
additive model where we estimated the (potentially
non-linear) effect of the numerical variable BAC on
the given ratings for English and Dutch separately.
We used the mgcv R package [11] for fitting the
generalized additive model and the itsadug R
package [8] for visualization. To account for
individual variability in both speakers and listeners,
we assessed the inclusion of by-speaker and bylistener random intercepts as well as by-speaker and
by-listener random slopes for the influence of the
language (Dutch or English). After fitting the model,
we ascertained that the residuals of the model were

normally distributed and homoscedastic. An
overview and tutorial of the generalized additive
modelling technique can be found in [10].
4. RESULTS
In contrast to our hypothesis, the generalized
additive model revealed a non-significant effect
(close to being exactly 0) of speakers’ BAC on the
ratings of the English speech samples. In line with
our hypothesis, however, the ratings of the Dutch
speech samples significantly decreased (p = 0.01)
for higher BAC levels. Figure 1 provides a
visualization of the effects for both languages. It is
clear that the effect of BAC on the English
pronunciation ratings is not distinguishable from 0.
Note that the difference in patterns between the two
languages significantly differs at p = 0.03. Including
English language anxiety and/or self-rated English
language proficiency (which were also not
significant by themselves; all p’s > .15) did not
affect this relationship.
Figure 1: BAC’s influence on native Dutch listener’s
ratings of English (light; n.s. with p = 0.97) and Dutch
(dark; significant with p = 0.01) pronunciations by
native Dutch speakers.

5. DISCUSSION
In this study, we have investigated the effect of
alcohol on pronunciation in a native and non-native
language. Whereas a recent study [6] reported a
positive influence of alcohol on L2 pronunciation,
we were not able to corroborate this finding in our
study. We did, however, find a clear difference in
the effect of alcohol on the L1 (Dutch) vs. the L2
(English) pronunciation, as judged by native Dutch
listeners. Alcohol negatively affected the
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pronunciation of the native language, whereas it did
not affect the pronunciation of the L2. However,
these results were based on a sample where almost
all speakers only participated once (i.e. with one
BAC level). Our results expand on Tsiljár-Szabó et
al.’s findings [7] from Hungarian to Dutch, with a
much larger sample size than previously recorded
(87 versus 15). However, our results did not support
Renner et al.’s hypothesis [6] that speakers with a
higher BAC might have lower foreign language
anxiety.
There are several differences between our study
and past studies investigating the influence of
alcohol on a non-native language. First, our
participants read phrases aloud, whereas Renner et
al. [6] investigated spontaneous speech and
participants of Tsiljár-Szabó et al. [7] repeated
(previously heard) tongue-twisters. There are two
main benefits of using a reading task as compared to
the other two alternatives: 1) the speech samples in
both the L1 and L2 are comparable to each other,
and 2) the pronunciation of a participant is not
influenced by that of a model speaker. Nevertheless,
our findings cannot be seen as representative of
spontaneous conversation (as in [6]) and further
research is necessary to determine the differential
effects of alcohol on spontaneous versus read
speech.
The setting of our experiment (at a music
festival) allowed us to treat the BAC level as a
continuous variable, by simply measuring the
participant’s actual BAC level. This is a clear
advantage compared to other studies which only
used a binary distinction (alcohol vs. no alcohol).
Another advantage was the ability to recruit a large
number of interested speakers and raters.
Our data collection procedure also has some
disadvantages. First, participants were native Dutch
speakers, and having native English speakers rate
the English pronunciation of Dutch speakers would
likely have provided a finer-grained assessment of
the English speech samples collected. Nevertheless,
Dutch people are generally quite proficient in
English (88 of the 108 raters gave themselves an
English proficiency rating between 7 and 9, on a
scale from 1 to 10, with 10 being the highest score),
and due to high exposure to native English speech
(e.g., via TV) likely able to judge the native-likeness
of English speech adequately. Collecting data at a
festival may have had other disadvantages, such as
participants being more tired than usual or having
had drugs without reporting this. Nevertheless, given
that the results were comparable when no
participants were filtered out (e.g., also including
participants who had used drugs), we believe our
results to be robust.
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ABSTRACT

have found empirical support in multiple studies of
L2 acquisition. For example, several investigations
have shown that English tense-lax contrasts in vowels, such as [i]-[I], present a challenge for Spanishspeaking learners, who tend to assimilate both vowels to Spanish [i] [8].

The study examines the perception and production
of the English vowels [æ] and [2] by native speakers
of Colombian Spanish who are experienced L2 English speakers. Participants recorded three minimal
pairs and performed a multiple-choice identification
task. Acoustic data were compared to participants’
Spanish vowels and monolingual English speakers’
productions. Perceptual results demonstrated that
although [æ] and [2] had fewer correct identifications than other English vowels, the difference was
not statistically significant. When incorrectly identified, [æ] and [2] were typically confused with each
other or another low vowel, [A]. In production, although participants realized [æ] and [2] as acoustically distinct, both were statistically different from
the native targets. Participants’ English [æ] was not
statistically different from their native Spanish [a] in
either height or backness. The results suggest that
English low-mid vowels present a moderate challenge to experienced Spanish learners immersed in
an English language environment.

The present investigation explores the acquisition of American English (AE) vowels [æ] and [2],
which have received less attention in the literature.
The low back vowel [A] was not targeted in our investigation due to the widespread dialectal variation
in its realization and distribution [19]. The low-mid
vowel space is more crowded in AE than in Spanish, with AE contrasting front [æ], mid-central [2],
and back [A], where Spanish exhibits only a low central [a] [4, 17]. None of these AE low-mid vowels
are acoustically identical to Spanish [a]; thus, acquiring the three-way contrast may present an acquisitional challenge to learners, depending on the
perceptual similarities to Spanish vowels. Previous
findings indicate that Spanish learners of English
tend to perceive the English vowels [æ] and [2] as
good exemplars of native vowels, most frequently
[a], although the exact assimilation patterns depend
on what dialect of English learners are exposed to.
[8]’s findings suggest that Spanish learners assimilate English [æ] to Spanish [a], instead of perceiving
the English sound as a distinct L2 category (see also
[13]). [6] reports that speakers of Peruvian Spanish
assimilated Southern British English [æ] and [2] to
Spanish [a]. AE [æ] was assimilated to Spanish [e]
and AE [2] was variably perceived as Spanish [a]
or [o]. The same population of speakers perceived
Canadian English [æ] as Spanish [a] [7].

Keywords: L2 English, L1 Spanish, low-mid vowels, acoustics, perceptual identification.
1. INTRODUCTION
The acquisition of second language (L2) phonology
is one of the most difficult tasks L2 learners face
[14]. It is generally believed that the relative difficulty of acquiring L2 phonological categories and
contrasts is determined by the position of L2 speech
sounds in the acoustic-perceptual space relative to
the L1 sounds [1, 7, 8]. Specifically, L2 sounds
that are acoustically distinct but perceptually similar to a given L1 category are expected to be perceptually assimilated to the L1 category and subsequently be rendered in a non-native fashion in production [8, 9, 10, 13]. Moreover, if two L2 categories are assimilated to a single L1 sound, discrimination between the L2 categories is also expected
to be impeded [2]. These theoretical predictions

Given these cross-linguistic patterns of assimilation, we can expect that Spanish learners will have
difficulties identifying and producing English [æ]
and [2] in a native-like fashion. However, we are not
aware of a study which directly compared these two
vowels in the perception and production of Spanishspeaking learners. The present study was designed
to address this gap.
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2. METHODS

trol group of English speakers read the target words
in citation form.
Elicitation prompts were presented one by one on
a computer screen. All participants were instructed
to read each prompt in a natural manner at a comfortable pace. Recordings were conducted in a soundattenuated booth using an AudioTechnica AE4100
cardioid microphone and a TubeMP preamp. Items
were randomized across trials; each participant saw
each item three times. Colombian participants were
given six seconds to read each sentence, and a 30
second break was offered approximately every 17
words. Monolingual English participants were given
two seconds per word, with self-timed breaks offered after each full block.
Following the production task, Colombian participants took part in a four-choice identification task
implemented in ExperimentMFC [3]. Sentences
were presented on a computer screen in randomized
order with target words replaced by an underscore
(e.g. Have you seen my ____?) and presented auditorily via Sennheiser HD 380 Pro headphones. Each
sentence was presented three times to each participant for a total of 135 trials, with breaks provided
every 45 sentences. Each sentence was accompanied by four response choices: the three members
of the tested triplet and an ‘I don’t know’ option.
Other vowels were not offered as a response option because they did not always combine with the
given phonetic context to form a real word that was
semantically appropriate for the question. No control group was tested perceptually because of the expected ‘at ceiling’ performance.

2.1. Participants

Thirty native speakers of Colombian Spanish (9 F;
21 M) were tested on the campus of a major Midwestern university in the U.S. The mean age of participants was 28.3 years (SD=8.5), ranging from 19
to 49 years. Length of residence in the U.S. averaged 31.7 months; average age of arrival was 25.5
years. Participants reported, on average, a ‘good’
command of English pronunciation and listening (5
on a 7-point scale from ‘very poor’ to ‘native-like’).
Control production data was provided by seventeen monolingual native speakers of midwestern AE
(14 F; 3 M). The mean age was 26 years, ranging
from 18 to 57.
2.2. Elicitation prompts

The English words for the production task consisted
of three CVC minimal pairs (cap-cup, cat-cut, cabcub) and 13 fillers with comparable monosyllabic
structure but different vowels. In all English words,
the medial vowel was surrounded by stop consonants (e.g., keep, cot). English words were embedded in the carrier phrase I say ____ again. The
monolingual English control group produced all but
one of the target English words in citation form embedded in a list with 118 fillers.
The Spanish words were chosen to include all five
Spanish vowels (three words per vowel) in closed
syllables comparable to those of English monosyllabic words (stop-vowel-stop syllables carrying the
primary stress), e.g., cactus, boicot. Multisyllabic
words were used because of the limited availability of stops in coda position in Spanish [15]. Spanish words were embedded in the carrier phrase Digo
____ ahora (‘I say ____ now’).
In the perceptual identification task, fifteen minimal CVC triplets contrasted the vowels [æ], [2]
and a third vowel, e.g., ban-bin-bun. Each member of the triplet was spliced into the same carrier
sentence for presentation, e.g. Have you seen my
cup/cape/cap?. Seven native speakers of AE (3 F;
4 M) read the words used in the perceptual experiment, resulting in 45 sentences. (Every triplet was
read by a single reader.) Different sentences were
used for different triplets.

2.4. Measurements

Measurements of the first, second, and third formant frequencies (F1, F2, and F3) were extracted
at vowel midpoint using an automated procedure in
Praat [3]. Values were checked for outliers and corrected manually when needed. To reduce individual
differences, the Bark Difference Metric normalization was applied to F1 and F2 [22].
3. RESULTS
3.1. Perceptual identification task

Fig. 1 demonstrates the percent correct identification per stimulus vowel. Since filler vowels were
presented with lower and unequal frequencies compared to [æ] and [2], their identification results are
not equally reliable. Nevertheless, the data in Fig.
1 suggests that identification was largely successful,
eliciting 80% correct or higher for all vowels except

2.3. Procedure

Colombian learners of English performed a sentence
reading task in Spanish and in English. The order
was counterbalanced across participants. The con-
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fact, it was misidentified as [2] more frequently than
it was identified correctly).
Percentages of [æ], [2], [A], and ‘other’ responses
were calculated per participant and analysed in
a separate Univariate ANOVA for each stimulus
vowel with Response as an independent variable,
followed by post-hoc pairwise comparisons between
the levels of Response (with Sidak adjustment). Response was a significant factor in both models (F(3,
116) = 403.137, p < .001 and F(3, 116) = 342.667,
p < .001). The results of the pairwise comparisons
for [æ] showed that the correct response was significantly more frequent than all misidentifications and
that misidentification as [2] was significantly more
frequent than other errors. Pairwise comparisons
for [2] showed that the correct response was significantly more frequent than all misidentifications and
misidentification as [æ] was significantly more frequent than ‘other’, but there was no significant difference between the frequency of [æ] and [A] errors.

[æ] and [2], which hover just under 80% correct, and
[A], which was dramatically unsuccessful with only
about 40% correct.
Figure 1: Percent correct identification per stimulus vowel.

Identification response, coded as correct or incorrect (‘I don’t know’ was coded as incorrect), was
analyzed using a Generalized Linear Mixed Model
(binary logistic regression) implemented in SPSS
24.0 [18] with Stimulus Vowel as a fixed factor and
random intercepts for Subject, Subject by Stimulus
Vowel, and Subject by Item. Deviation contrasts
were also tested for the Stimulus Vowel factor (with
sequential Sidak correction). The results showed
that there was no significant difference in accuracy
rates between [æ] and [2] (B = .141, SE = .149, t
= 0.95, p = .342). As deviation contrasts showed,
neither the accuracy rate for [2] nor that for [æ] differed from the overall mean (B = -.021, SE = .019,
t = -1.114, p = .709 and B = .000, SE = .017, t =
.024, p = .981, respectively). It is worth noting that
the accuracy rate for [A] was significantly below the
overall mean (B = -.451, SE = .033, t = -13.702, p <
.001).

3.2. Production Task

Fig. 2 demonstrates the location of the English vowels [æ] and [2] pronounced by Colombian learners
and native speakers of English within the Spanish
vowel space of Colombian participants.
Figure 2: Spanish (dark solid line) and English
(light solid line) vowels produced by Colombian
learners of English and English vowels produced
by native speakers of American English (dashed
line).

Table 1 demonstrates the response choices for the
most frequently misidentified vowels [æ], [2], and
[A]. Response options with frequency under 5% are
jointly coded as ‘other’.
Table 1: Response choices and their frequency for
vowels [æ], [2], and [A].

Stimulus
Vowel

[2]
[A]
[æ]

[2]
76%
47%
15%

Response Vowel
[A]
[æ] other
7% 12% 4%
38% 13% 2%
1% 78% 6%

It is apparent that the English vowels of Colombian learners are lower and more central than native
English vowels. Learners’ [æ] overlaps with Spanish [a].
Bark-transformed F1 and F2 (B(F1) and B(F2))
of learners’ and native English speakers’ vowels [æ]

It is apparent that when [æ] and [2] are misperceived, it is usually as each other. Low back [A] is
confused with both, but most frequently with [2] (in
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Nevertheless, when [æ] and [2] were misidentified,
they were confused with each other more frequently
than with other vowels, suggesting that Colombian
learners occasionally perceive them as exemplars of
the same category. The production data shed further
light on this possibility.
While learners produced English [æ] and [2] as
acoustically distinct, both vowels were statistically
different from native targets (which could be partly
attributable to different elicitation methods). The direction of difference from English targets suggests
that both vowels are pulled towards Spanish [a], becoming lower and more central. In fact, learners’
[æ] was not statistically different from their Spanish
[a], and their [2] differed from [a] only in height.
Acoustic convergence between learners’ English
[æ] and [2] and their Spanish [a] suggests that these
three vowels are not fully separated into distinct categories in the cognitive phonetic space of Colombian learners. Taking into account previous findings
[8], it is plausible that perceptual assimilation of English [æ] and [2] into the Spanish [a] category is the
source of this acoustic convergence. If this is the
case, the same cross-linguistic assimilation pattern
can explain the confusability between [æ] and [2] in
the perceptual results.
As frequently noted in previous literature [20, 21],
perceptual assimilation between L1 and L2 sounds
is not always attributable to acoustic proximity. As
Fig. 2 shows, English [2] is quite distant from Spanish [a]. One possibility is that English low-mid vowels are phonologically assimilated to Spanish [a],
despite acoustic distinctiveness [2], due to the ‘inability’ to form additional categories of low vowels in the L1-based cognitive grammar of the interlanguage [5]. This phonological assimilation could
be further encouraged by the orthographic links between the two languages, including cognates (e.g.,
canal), wherein English [æ] is realized in spelling as
<a> (e.g., bat), the same grapheme used for Spanish
[a]. As research shows, L2 orthography plays an important role in guiding (and misguiding) acquisition
of L2 phonology [16, 23].
Thus, despite being highly experienced and proficient speakers of English, Colombian learners face
challenges related to perception and production of
AE low-mid vowels. Learners’ differences from native speakers were more apparent in production than
in perception, where, despite occasional mutual confusability, [æ] and [2] were identified with high accuracy. The data therefore suggest that these Colombian learners may be more advanced in their perception than in their production skills, as predicted by
the perception-production link hypothesis [11, 12].

and [2] were analysed in a Linear Mixed Model with
Native Language (Spanish vs. English) and Vowel
([æ] vs. [2]) as fixed factors and random intercepts
for Subject and Item. (Separate models were implemented for B(F1) and B(F2).) The results showed
that Vowel was a significant factor in both models:
B(F1) and B(F2) were higher for [2] than for [æ],
predictably indicating that [2] was higher and more
retracted than [æ] (F(1, 6.151) = 6.151, p = .001 and
F(1, 9.872) = 104.369, p < .001). The effect of Native Language across the two vowels was not significant in either model. The interaction between Native
Language and Vowel was significant in both models
(F(1, 587.684) = 6.953, p = .009 and F(1, 583.767)
= 16.073, p < .001). To determine the source of the
interactions, each vowel was tested separately for
the effect of Native Language on B(F1) and B(F2).
The results showed that B(F2) of learners’ [æ] was
significantly higher than B(F2) of native speakers’
[æ], indicating a less fronted vowel (F(1, 279.274) =
10.757, p = .001). B(F1) and B(F2) of learners’ [2]
were significantly lower than those for native speakers’ [2], indicating a lower and more fronted vowel
(F(1, 295.962) = 17.025, p < .001 and F(1, 294.557)
= 4.683, p = .031). In each case, learners’ [æ] and
[2] appear to be moving towards Spanish [a], which
is lower and more central than English [æ] and [2].
Learners’ English vowels were also compared to
their own Spanish [a] using Linear Mixed Models
with Vowel ([æ] vs. [2] vs. [a]) as a fixed factor and random intercepts for Subject, Item, and
Subject by Vowel (B(F1) and B(F2) were analyzed
in separate models), followed by pairwise comparisons with Sidak correction. The results showed that
Vowel was a significant factor in both models (F(2,
14.2) = 11.008, p = .001 and F(2, 8.95) = 4.915, p =
.036). Pairwise comparisons determined that learners’ vowels [æ] and [2] were significantly different
from each other both in terms of height (p = .003)
and backness (p = 0.042). Learners’ English [2] was
also significantly higher than their Spanish [a] (p =
.003). However, their English [æ] did not differ significantly from their Spanish [a] in height or in backness.
4. DISCUSSION
Perceptual results demonstrated that participants
tended to be somewhat less accurate at identifying
[æ] and [2] than at identifying other English vowels,
but not significantly so. Interestingly, only the vowel
[A] triggered a significant decrease in identification
accuracy, but since [A] was not a target of the experiment, this result can only be interpreted as tentative.
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ABSTRACT
Non-native Japanese speakers' pronunciation of
Japanese often sounds unnatural to native Japanese
speakers. The aim of this study is to specify the
acoustic features that cause unnaturalness in nonnative Japanese speakers' pronunciation. Japanese
sentences spoken by Taiwan Mandarin, French,
Korean, Thai, Vietnamese, and Japanese speakers
were extracted from the non-native speakers' readspeech database. Multiple regression analyses were
performed with each sentence’s naturalness rating
score as a dependent variable, and the acoustic
features of vowels in the sentence as independent
variables. On the basis of standardized partial
regression coefficients, it was found that
unnaturalness is related to vowel duration in Taiwan
Mandarin and Vietnamese speakers, and to a pattern
of fundamental frequency as well as vowel location
in French, Korean, and Thai speakers. It is suggested
that
unnaturalness
depends
on
prosodic
characteristics of a non-native speaker’s first
language, such as fundamental frequency and
duration.
Keywords: unnaturalness, non-native speaker of
Japanese, acoustic features.
1. INTRODUCTION
As of 2015, it was estimated that there were about
3.65 million non-native speakers learning the
Japanese language [1], which means there is a great
demand for efficient and practical Japanese education.
Speaking Japanese is one of the educational fields in
which such demands are increasing. In the early
stages of Japanese learning, non-native speakers
make many and various speech errors [3, 5]. The
number of speech errors decreases, and the amount of
fluency increases as they progress in learning
Japanese. However, unnaturalness remains in nonnative speakers’ pronunciations, even if they have
developed advanced Japanese skills and correctly
pronounce a phoneme sequence of Japanese words
[7]. Non-native Japanese speakers’ unnatural
pronunciation may hinder smooth communication
with native Japanese speakers [6]. Therefore, it is
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important for non-native speakers to acquire the skills
to speak Japanese naturally.
However, an efficient and practical method for
teaching natural Japanese pronunciation has not yet
been developed. This is likely because the acoustic
features that are related to the unnaturalness of
pronunciation have not been determined. In addition,
the acoustic features of unnaturalness might be
uncommon and vary between the first languages of
non-native speakers. Acoustic features of Japanese
pronunciations by non-native speakers have differing
tendencies in duration, intensity, and fundamental
frequency based on the speaker’s the first language
[8]. Thus, the notion of language dependency is
probable.
With that background in mind, this study aimed to
specify acoustic features that cause unnaturalness of
Japanese pronunciations by non-native Japanese
speakers of various first languages.
2. EVALUATION EXPERIMENT
2.1 Stimuli

For the stimuli of the evaluation experiments,
Japanese sentences spoken by 10 native Japanese
speakers and 60 non-native Japanese speakers (10
each of French, Korean, Taiwanese Mandarin, Thai,
and Vietnamese) were extracted from the non-native
speakers' read-speech database [9]. These first
languages of the non-native speakers were selected
because they have phonological characteristics
different from Japanese. For example, the rhythmic
unit of all these languages is a syllable whereas the
unit of Japanese language is a mora [2, 10]. French
and Korean languages have a phrase accent and Thai,
Taiwan Mandarin, and Vietnamese languages have a
tone accent whereas Japanese language has a pitch
accent. The Japanese proficiency of the non-native
Japanese speakers was not controlled, but they could
at least read Hiragana (Japanese moraic orthography)
and had the ability to understand basic Japanese that
corresponded to N4 level in the Japanese-language
proficiency test (JLPT).
The stimuli comprised 29 Japanese words
embedded in the carrier sentence, /korewa __ dato
omoi masu/ ("I suppose that this is __"). These
Japanese words were two or three mora long with no

accent, and did not contain special moras such as long
vowels, geminate consonants, or moraic nasals. A
total of 1,740 stimuli (29 words x 6 languages x 10
speakers) were used for the experiment, and 60
stimuli (1 word x 6 languages x 10 speakers) were
used for the practice session.
2.2 Participants

Twenty-two monolingual native speakers of Japanese
(2 males and 20 females) with normal hearing ability
participated in the evaluation experiment. Their
average age was 27.9 years (Min=20, Max=35,
SD=6.2). They were paid for their participation.
2.3 Procedure

The experiment was conducted in a soundproof room
at Aichi Shukutoku University. The stimuli were
presented to the participants through headphones
(Sony MDR-Z900HD) via an audio interface (Roland
DUO-CAPTURE EX) connected to a laptop
computer (Toshiba SS-RX2). Immediately after the
stimulus presentation, the target word was displayed
on a computer screen in Japanese Hiragana
orthography. Along with the target word, there were
also shown two response buttons (correct / incorrect)
for correctness judgement, and a 5-point rating scale
for naturalness evaluation (with 1 equaling unnatural
and 5 equaling natural).
By clicking one of the two response buttons, the
participants judged whether a presented stimulus was
pronounced with a correct phoneme sequence as the
target word displayed on the screen. This judgement
was aimed to select correctly pronounced items for
the following analysis in Section 3.
Then, the participants evaluated an impression of
the presented stimulus in terms of naturally spoken
Japanese by clicking one of the five numbers on the
5-point rating scale (1: very unnatural - 5: very

Figure 1: Naturalness rating score as a function
of speaker's first language.

natural). The 1,740 stimuli were presented in a
randomized order for each participant.
2.4 Results

Stimuli were selected that all participants had judged
as being correctly pronounced. For each of the stimuli,
the average naturalness rating score was calculated.
Figure 1 shows the mean of the naturalness score for
each first language of speakers.
3. ANALYSIS
3.1. Acoustic features

Four acoustic features described below were used as
variables in the analysis.
The duration of a vowel and sentence was
calculated by subtracting their start time from their
end time. The relative duration of a vowel (rD) was
calculated by dividing the vowel’s duration (Dv) by
the sentence duration (Ds) (Eq. 1).
𝑟𝐷

𝐷𝑣 ⁄ 𝐷𝑠

(1)

where n is the vowel’s position in the sentence.
Using a rectangular window of 6-ms width with a
1-ms shift, the intensity of a vowel and sentence was
calculated and expressed in dB with 1 in the 16-bit
signed integer as the reference level. The relative
intensity of a vowel (rI) was calculated by subtracting
the sentence's averaged intensity (mIs) from the
vowel's averaged intensity (mIv) (Eq.2).
𝑟𝐼

𝑚𝐼𝑣

𝑚𝐼𝑠

(2)

where n is the vowel position in the sentence.
The fundamental frequency of vowels and
sentences was calculated using the STRAIGHT
system [4]. The relative fundamental frequency of
vowels (rF) was calculated by subtracting an
averaged logarithm of the fundamental frequency of
the sentence (mlog fs) from an averaged logarithm of
the fundamental frequency of the vowel (mlog fv) (Eq.
3).
𝑟𝐹

𝑚 log 𝑓𝑣

𝑚 log 𝑓𝑠

(3)

where n is the vowel position in the sentence.
The Voice Center Time (VCT) is defined as the
midpoint time of the start and end times of a vowel.
The relative VCT (rVCT) was calculated by dividing
VCT by Ds (Eq. 4).
𝑟𝑉𝐶𝑇

𝑉𝐶𝑇 ⁄ 𝐷𝑠

(4)

where n is the vowel position in the sentence.
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3.2 Procedure

The non-native speakers’ stimuli that were judged as
correct pronunciations in the evaluation experiment
were used as analysis objects. The native speakers’
items that had a higher naturalness score than the
average of the native speakers’ scores were also used
for the analysis. Using this data of native Japanese
speakers, an average of each acoustic feature
described in Section 3.1 was calculated for each
vowel in each item. This average was regarded as the
reference point of naturally spoken Japanese.
Deviation of each item from the reference point was
obtained as a logarithmic converted sum of the root
mean square error.
Using the deviation values of acoustic features as
independent variables, and the naturalness rating
score as a dependent variable, multiple regression
analysis was performed with a paired data set of
native speakers and non-native speakers in one of the
first languages.
3.3 Results

Figure 2 shows the standardized partial regression
coefficient obtained by the multiple regression
analysis. The adjusted coefficient of determination
(adjusted R2) was 0.609, 0.443, 0.650, 0.466, and
0.772 for French, Korean, Thai, Taiwan Mandarin,
and Vietnamese speakers, respectively. When all data
of non-native speakers was used, adjusted R2 was
0.628. These results indicate that regression is fairly
successful with the variables used in this study, and
that unnaturalness of speech is related to these
variables.
4. DISCUSSION
The results of this study show that unnaturalness of
Japanese pronunciation by non-native speakers is
Figure 2: Standardized partial regression coefficient as
a function of speaker’s first language.
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related to acoustic features such as fundamental
frequency and durations, but the effective acoustic
features are different between the first languages of
non-native speakers.
For French, Korean, and Thai speakers, absolute
value of standardized partial regression coefficients
of fundamental frequency was bigger than other
variables (Figure 2). Hence, it can be said that their
unnaturalness is caused by fundamental frequency
deviation from the natural fundamental frequency
pattern of Japanese speakers. In fact, French, Korean
and Thai speakers tended to pronounce word items
with an initial-high accent pattern (i.e., high-low-low),
whereas Japanese speakers pronounced the word
items with a flat accent pattern (i.e., low-high-high).
This fundamental frequency difference in accent
patterns would be one cause of unnaturalness.
Standardized partial regression coefficients
indicate that VCT contributes to French speakers'
unnaturalness. Because the VCT represents the
vowel’s time position unnaturalness among French
speakers is probably caused by a deviation from the
natural rhythmic pattern of Japanese speakers.
For Taiwan Mandarin and Vietnamese speakers,
standardized partial regression coefficients indicate
that vowel duration contributes to the unnaturalness
of their pronunciation. Taiwan Mandarin speakers
tended to extend the second from the last vowel in a
sentence longer than Japanese speakers. Vietnamese
speakers tended to pronounce every vowel longer
than Japanese speakers. These durational deviations
would be one cause of the unnaturalness of Taiwan
Mandarin and Vietnamese speakers' pronunciation.
The French and Korean languages have a phrase
accent that differs from a mora accent in Japanese.
Although both accents are realized by fundamental
frequency control, the accent unit is different. This
difference suggests that French and Korean speakers
are not good at controlling their fundamental
frequency pattern in Japanese. For this reason, French
and Korean speakers' unnaturalness depends on
fundamental frequency, as observed in this study.
French does not have a distinction between short
and long vowels, which suggests that French speakers
are not good at durational control. Because of this,
French speakers' unnaturalness depends on duration
as well as fundamental frequency, as observed in this
study.
Taiwan Mandarin and Vietnamese have a tone
accent, but do not have distinctions between short and
long vowels. The tone accent is realized by
fundamental frequency control, and vowel length
distinction is realized by duration control. Hence,
Taiwan Mandarin and Vietnamese speakers are
probably good at controlling fundamental frequency
pattern, but not duration. Therefore, Taiwan

Mandarin and Vietnamese speakers' unnaturalness
depends on duration, as observed in this study.
The Thai language has a tone accent and
distinguishes between short and long vowels. This
suggests that Thai speakers are probably good at
controlling both fundamental frequency and duration,
and that their unnaturalness is not related to these two
features. However, the results of this study showed
that Thai speakers' unnaturalness depends on
fundamental frequency. The cause of this
contradiction is uncertain, and unknown factors may
affect their unnaturalness. This should be studied in
future research.
Although some unknown factors may exist, the
results of this study suggest that the unnaturalness of
non-native speakers depends on prosodic
characteristics of their first language in terms of
fundamental frequency and duration.
The adjusted R2 was not as high for Taiwan
Mandarin and Korean speakers as it was for speakers
of the other languages in this study. This suggests that
variables of acoustic features that were not used in
this study may affect the unnaturalness of their speech.
This possibility should be examined in a future study.
This study did not address the Japanese special
mora such as geminate consonants, moraic nasals,
and long vowels. Because non-native Japanese
speakers are not good at pronouncing the special
mora [3, 5] unnaturalness may be related to the
acoustic features of the special mora. The distinction
between a special mora and a normal mora is
indicated by a durational difference. Therefore,
duration of the special mora probably contributes to
unnaturalness of non-native speakers’ pronunciation.
This prediction should be studied in the future.
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ABSTRACT
This study investigates the acquisition of the /CʲV//CʲjV/-/CʲijV/ palatalized contrasts in Russian by
sixteen Japanese speakers of low or high level of
proficiency. The Russian palatalized sequences
contrast from each other by the duration of the F2
steady state, a cue used by Japanese speakers to
distinguish /CʲV/ from /CiV/ in their native language.
Considering their sensitivity to this cue and their
longer Russian experience, high proficiency learners
were expected to produce the novel contrast /CʲjV//CʲijV/ more accurately than the low proficiency
group. The results revealed that all learners could
make a distinction between /CʲV/ and /CʲjV/, possibly
by producing the latter sequence as /CijV/ or /CʲijV/
to make it conform to Japanese phonotactics, while
neither group could significantly contrast /CʲjV/ from
/CʲijV/. Hence, prior sensitivity to the duration of the
F2 steady state in their native language did not
facilitate the acquisition of non-native palatalized
contrasts by Japanese speakers.
Keywords:
Speech
production,
consonants, Russian, Japanese.

palatalized

1. INTRODUCTION
Russian features a three-way palatalized contrast,
with /CʲV/ as in /sudʲa/ ‘judging’ (adverbial participle,
present), /CʲjV/ as in /sudʲja/ ‘judge’, and /CʲijV/ as in
/sudʲija/ ‘judge’ (archaic). These sequences are
acoustically contrasted from each other by the length
of the F2 steady state before the formant transition,
with /CʲjV/ having a longer steady state than /CʲV/
[10], and /CʲijV/ exhibiting a longer steady state than
/CʲjV/ [4]. Palatalized sequences may be challenging
for second language (L2) learners to contrast if their
first language (L1) lacks palatalized segments (e.g.,
[4]). Conversely, learners who can use the length of
the F2 steady state contrastively in their L1 may show
a facilitation effect for the acquisition of the Russian
palatalized contrasts. The current study evaluates this
hypothesis with Japanese speakers classified into two
levels of proficiency in Russian (low and high). All
learners were expected to contrast the palatalized
contrast /CʲV/-/CʲjV/, possibly by replacing the illicit
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/Cʲj/ sequence by /Cij/ or /Cʲij/. Provided that L2
experience may have an effect on the acoustic
realization of L2 contrasts [5], and that they should
already be sensitive to the critical acoustic cue that
distinguishes the Russian palatalized sequences, the
high proficiency learners were expected to produce a
distinction between /CʲjV/ and /CʲijV/.
Japanese features palatalized /CʲV/ sequences [1,
8], such as /kʲu:/ ‘immediate’, which contrast with
/CʲijV/ sequences, such as /kʲiju:/ ‘groundless fears’.
Since this contrast exists in Japanese, the production
of the /CʲV/-/CʲijV/ contrast in Russian was not
analyzed in the current study. In addition, a sequence
such as /CʲV/ in Japanese is contrasted from the
sequence /CiV/ by the length of the F2 steady state
before the formant transition, where a steady state of
less than 50ms is generally perceived as the presence
of a glide [11]. Hence, Japanese speakers are sensitive
to the difference of the length of the F2 steady state
to make contrast in their L1, which may facilitate the
acquisition of non-native palatalized contrasts.
On the other hand, Japanese phonotactics do not
allow consonant clusters, such as /CC/ or /CʲC/. In
order to avoid these clusters, Japanese speakers are
known to use vowel epenthesis in loanword
adaptation [6], where a word like ‘grapefruit’
/grepfrut/ in English is usually adapted as
/gure:pufuru:tsu/. When /Cʲ/ is included in the cluster,
the palatalization may be replaced by a full vowel /i/,
resulting in the sequence /Ci/ instead. This adaptation
is observed in Russian loanword in Japanese, where
the word /arxanɡelʲsk/ ‘Arkhangelsk (a city in Russia)’
is adapted as /aruhangerisuku/ [9]. Hence, the Russian
sequence /CʲjV/ may be produced by the L2 learners
as either /CijV/ or /CʲijV/ if they cannot produce the
sequence as /CʲjV/.
Accordingly, our first hypothesis was that the
/CʲV/-/CʲjV/
contrast
should
be
produced
contrastively by all learners, whether the sequence
/CʲjV/ is produced properly, with an epenthetic vowel
or with the palatalization replaced by a full vowel (in
the latter two cases the F2 steady state would be
lengthen and the length of the vocalic interval would
be close to that of the /CʲijV/ sequence). Our second
hypothesis was that low proficiency learners would
be unable to contrast the /CʲjV/-/CʲijV/ sequences as
they are expected to adapt the /CʲjV/ sequence to

Japanese phonotactics. Conversely, the high
proficiency learners were expected to make some
contrast in the duration of the glide+vowel interval
between /CʲjV/ and /CʲijV/, provided that prior
sensitivity to the length of the F2 steady state in their
L1 facilitates the acquisition of L2 contrasts.

Japanese and Russian. Note that only the /CʲV/-/CʲjV/
and /CʲjV/-/CʲijV/ contrasts were analyzed, as we
were interested in whether the Japanese speakers
could make any duration difference between these
two contrasts, as justified in the introduction.
Table 1: /CV/ and palatalized nonsense words used
for the experiment.

2. METHOD
2.1. Participants

Nine native Russian speakers aged 24-34 (five males,
mean: 26.9, SD: 3.3), and 16 native Japanese speakers
learning Russian aged 19-23 (mean: 21.4, SD: 1.1),
took part in the experiment. None of the participants
reported any history of speech or hearing impairment.
A monetary compensation was given for their
participation.
The Japanese participants were divided into two
proficiency groups: 7 were assigned to the low
proficiency group (six males), and 9 to the high
proficiency group (one male). Their proficiency level
was determined by their length of Russian education.
The participants assigned to the low proficiency
group had no more than 2 years of Russian education
(mean: 1.4 year, SD: 0.6), while the participants
assigned to the high proficiency group had at least 2.5
years of Russian education (mean: 3.9 years, SD: 1.3).
Six high proficiency learners had experienced
studying in a Russian-speaking region (mean: 5.6
months, SD: 4.8).
2.2. Stimuli

The stimuli for the production experiment consisted
of eight target nonsense words, shown in Table 1,
mixed with eleven non-palatalized filler words. The
/CV/, /CʲV/, and /CʲjV/ words should be stressed on
the first syllable, while the /CʲijV/ words should be
stressed on the second syllable to prevent vowel
reduction of an unstressed vowel (in Russian,
unstressed /ʲa/ and /ja/ are pronounced as [i] or [ɪ] [8]).
Each word was presented in the carrier sentence /ona
skazala ___ opjatj/ meaning ‘she said ___ again’, with
the target word underlined, and stress overtly marked
except for /Cjo/, /Cjjo/, and /Cjijo/ words, since /jo/
and /jo/ are obligatorily stressed [8]. The words were
presented to participants in the Russian orthography,
which distinguishes the palatalization contrasts (e.g.,
бя́да for /bʲada/, бья́да for /bʲjada/, бия́да for /bʲijada/,
and бёда for /bʲoda/).
The voiced plosive /b/ was selected for the onset
consonant because bilabial consonants do not include
any other movements than palatal glide in coarticulation and therefore the behavior of the palatal
glide is easier to observe [10]. The vowels /a/ and /o/
were chosen because they are common in both
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CV
bada
boda

CʲV
bʲada
bʲoda

CʲjV
bʲjada
bʲjoda

CʲijV
bʲijada
bʲijoda

2.3. Procedure

The participants were recorded with a Shure SM10A
low-impedance, unidirectional dynamic microphone
at 44,100Hz, in a sound-proof booth at The
University of Tokyo, directly to Macbook Pro
computer using Praat [3]. The nineteen words used
for the experiment were embedded in the carrier
sentence and shown to participants in a pseudorandom order one at a time using Microsoft Office
PowerPoint. The participants were asked to read all
19 sentences contained in a block, and there were 5
blocks in total (i.e., the 19 sentences were presented
5 times). The speaker had to press a key on the
computer keyboard to move on to the next slide
(sentence) within a block, but a researcher was in
charge to start each new block. Between blocks, the
speaker could take a short break. A total of 750 target
samples were produced by the speakers, of which 28
were rejected because they were mispronounced (25
speakers x 6 target words x 5 trials = 750 – 28 misread
tokens = 722 tokens for analyses).
2.4. Analysis

Dividing the palatalized sequence into the F2 steady
state and transition may be unreliable in some cases.
Assuming that the duration of a syllable is
proportional to the duration of the palatal glide
included in the syllable [12, 14], we decided to
measure the intervals from the onset of the stop
release to the end of the vowel of the target syllable
(i.e., excluding the stop closure). For instance, the
region measured in the sequence /bja/ corresponds to
region 1 in Figure 1, which shows a spectrogram of
the sequence /bʲada opʲatʲ/ produced by a Russian
speaker. In order to cancel the possible effect of
speech rate, the duration of region 1 was divided by
the duration of region 2, which is equivalent to /pʲa/
(without the stop closure) in the last word /opʲatʲ/. The
measurements were done in Praat [3]. The resulting
ratios were used in the statistical analyses.
LME (linear mixed-effect model) was used for the
statistical analyses. A two by two model was adopted,
with Glide Type and Group (low vs. high; low vs.

native; high vs. native) as factors, and the ratios as
dependent values. The random factors were
participants and items. Backward selection [2] was
used for the best-fit model selection.

Figure 2: Difference in ratio between the low (left),
and high proficiency learners (middle), and native
Russian speakers (right) on the /CʲV/ and /CʲjV/
contrast. Error bar represents confidential interval.

Figure 1: Spectrogram of the sequence /bʲada opʲatʲ/
produced by a female Russian speaker. Ratio were
region 1 (glide-vowel portion of /bʲa/) divided by
region 2 (glide-vowel portion of /pʲa/).

Conversely, as seen in Figure 3, neither the low
nor the high proficiency group was able to contrast
/CʲjV/ from /CʲijV/. The Japanese groups performed
similarly to each other, but differently from native
Russian speakers.
Table 3: LME results /CʲjV/ vs. /CʲijV/ (Glide Type).

3. RESULTS
As shown in Figure 2, the ratio of /CʲjV/ is larger than
that of /CʲV/ in all groups, meaning the interval
measured was produced longer in the /CʲjV/
sequences. The LME models with Glide Type (/CʲV//CʲjV/) and Group found a significant main effect of
Glide Type in all of the analyses reported in Table 2.
No significant Glide Type x Group interaction were
found in any of the group comparisons, suggesting no
difference in performance between the groups.
Simple main effect tests were further conducted and
revealed that the effect of Glide Type (/CʲV/-/CʲjV/)
was significant in all groups (low: p < 0.05; high: p <
0.001; native: p < 0.001), suggesting that all groups
were able to make a contrast between these sequences.
Table 2: LME results /CʲV/ vs. /CʲjV/ (Glide Type).
β
SE
df
Group = low vs high
(Intercept)
1.415636 0.048434 15.9415
Glide Type
0.447672 0.058636 15.62648
Group
0.030104 0.097642 15.96891
Glide Type:Group 0.004063 0.122563 15.09956
Group = low vs native
(Intercept)
1.33793 0.05518 15.93886
Glide Type
0.42752 0.05752 15.5569
Group
-0.16371 0.11124 15.95913
Glide Type:Group -0.0413 0.11986 14.94058
Group = high vs native
(Intercept)
1.33545 0.04325 8.39417
Glide Type
0.42733 0.04775 17.81377
Group
-0.13354 0.07395 17.71162
Glide Type:Group -0.03957 0.0955 17.81706

t

β
SE
df
t
p
Group = low vs high
(Intercept)
1.67216 0.07012 11.61435 23.846 3.16E-11 ***
Glide Type
0.07256 0.04394 14.53082 1.651
0.12
Group
0.02122 0.14933 9.14027
0.142
0.89
Glide Type:Group -0.01504 0.09165 13.53696 -0.164
0.872
Group = low vs native
(Intercept)
1.67121 0.07475 15.9819 22.357 1.75E-13 ***
Glide Type
0.24496 0.04612 13.75852 5.311 0.000117 ***
Group
-0.02418 0.15062 16.00384 -0.161 0.87446
Glide Type:Group 0.3097
0.09584 12.6024
3.231
0.0068 **
Group = high vs native
(Intercept)
1.66E+00 5.81E-02 1.80E+01 28.624 < 2e-16 ***
Glide Type
2.27E-01 2.79E-02 3.38E+02 8.126 8.46E-15 ***
Group
3.53E-05 1.16E-01 1.80E+01
0
1
Glide Type:Group 2.96E-01 5.58E-02 3.38E+02 5.303 2.06E-07 ***

Figure 3: Difference in ratio between the low (left)
and high proficiency learners (middle), and native
Russian speakers (right) on the /CʲjV/ and /CʲijV/
contrast. Error bar represents confidential interval.

p

29.228
7.635
0.308
0.033

2.83E-15 ***
1.18E-06 ***
0.762
0.974

24.246
7.432
-1.472
-0.345

5.24E-14 ***
1.69E-06 ***
0.161
0.735

30.874
8.949
-1.806
-0.414

6.12E-10 ***
5.22E-08 ***
0.088 .
0.684
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The LME models with Glide Type (/CʲjV/-/CʲijV/)
and Group found a significant Glide Type x Group
interaction effect and a significant main effect of

Glide Type in the Group comparison with native
speakers, as reported in Table 3. Simple main effect
test conducted with regards to the significant
interaction effect indicates that the main effect of
Glide Type is significant only in native speakers (p <
0.001). Additionally, no significant interaction effect
was found in the comparison of the low proficiency
and high proficiency learners (p = 0.872).
4. DISCUSSION
It was hypothesized that both low and high
proficiency Japanese learners of Russian would be
able to produce a significant contrast in glide-vowel
duration between the sequence /CʲV/—which exists
in their L1—and the sequence /CʲjV/—which do not
exist in their L1 and may accordingly be realized as
/CʲijV/ or /CijV/ to fit Japanese phonotactic
constraints (and hence, may exhibit a longer
glide+vowel duration than /CʲV/). The significant
main effects of Glide Type in group comparisons and
in each group separately support this hypothesis and
suggest that both low and high proficiency learners
could make a duration contrast between these two
palatalized sequences.
It was further hypothesized that a difference
would be observed between the low proficiency and
high proficiency group on the production of the
/CʲjV/-/CʲijV/ contrast based on their length of
Russian experience. Japanese speakers with more
Russian experience—the high proficiency group—
were expected to make a significantly larger contrast
in glide+vowel duration than the low proficiency
group. However, the results do not concur with this
hypothesis: The lack of significant effect of Glide
Type in each group of learners suggests that neither
the low proficiency nor the high proficiency learners
could differentiate the /CʲjV/- /CʲijV/ contrast in
production. Furthermore, the significant effect of
Glide Type x Group interaction in low vs. native and
high vs. native comparisons indicates that both
groups of learners performed differently from native
Russian speakers.
The fact that both low proficiency and high
proficiency learners could produce a difference
between the sequences /CʲV/ and /CʲjV/ but not
between /CʲjV/ and /CʲijV/ suggests no effect of
language experience on the production of the Russian
palatalized sequences by Japanese speakers in the
current tested conditions. And this, despite the fact
that Japanese listeners are presumably sensitive to the
critical acoustic cue that serve to make the palatalized
contrasts (the duration of the F2 steady state, which
should impact the duration of the glide+vowel
interval, measured as region 1 in our experiment).
However, the present study was based only on the
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measurement of the duration of the glide+vowel
interval. Detailed analyses looking at the length of the
F2 steady state and shape of the F2 transition and
other possible correlates (e.g., pitch) may provide
different results. In particular, it could confirm
whether the sequence /CʲjV/ was realized by the
learners with vowel epenthesis or with the
replacement of palatalization with a full vowel.
Nevertheless, the current results concur with some
previous studies. For instance, language experience
was found to have no effect on the production of
English vowels by adult Japanese speakers after one
year of immersion in an English-speaking country
[13]. While the current study suggests, furthermore,
that the amount of formal language education has
little effect on the production of L2 contrasts,
intensive phonetic training appears to provide
different results. For instance, about half of the
Japanese young adults trained with the English high
front vowel contrast were able to contrast the vowels
after only two to five hours of phonetic training [7].
These results contrast with the results of Oh et al. [13]
and the current results, where the L2 learners
presumably have been exposed to a considerably
larger amount of hours in the L2. Hence, a focus on
the acoustic forms may be required in order to change
the perception and production of L2 contrasts, even
when the learners are sensitive, to some extent, to the
critical acoustic cue that serves to contrast the target
non-native sequences.
5. CONCLUSION
This study looked at the effect of formal L2 education
on the production of Russian palatalized sequences by
native Japanese speakers divided into low proficiency
and high proficiency group based on their length of
Russian education. It was hypothesized that both
groups should be able to contrast the /CʲV/ and /CʲjV/
sequences, while the high proficiency group should
produce the /CʲjV/ and /CʲijV/ contrast more
accurately than the low proficiency group. Unlike the
study by Oh et al. [13], which found no effect of
language experience for adult learners, an effect of
language experience was expected in our study based
on the assumption that Japanese speakers should
already be sensitive to the duration of the F2 steady
state, which serve to contrast the Russian palatalized
sequences. While the /CʲV/ and /CʲjV/ contrast was
produced contrastively by both groups of learners, the
/CʲjV/ and /CʲijV/ contrast was not contrasted by
either group of learners. These results suggest no
effect of length of language education on the
production of a non-native contrast, even when the
learners are presumably sensitive to the cue that
serves to contrast the novel segments.
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ABSTRACT
This study investigated the production and perception
of the Cantonese vowel length contrast and vowel
rounding contrast by South Asian (SA) students in
Hong Kong. Twenty-six native Hong Kong
Cantonese speakers and fifty-four SA speakers whose
dominant language was Punjabi, Urdu, or English
participated in an AX discrimination task and a
picture naming task. Results suggested that SA
participants had the ability to distinguish both the
vowel length and vowel rounding contrasts in
Cantonese. However, relative to the performance of
Cantonese speakers, SA students produced Cantonese
rounded vowels with less lip rounding. In addition,
smaller differences were found between the long and
short vowels in terms of both vowel quantity and
quality. Furthermore, difficulty of a particular
contrast varies according to phonetic environments.
These findings provided an acquisition pattern of
vowel length and vowel rounding contrasts among
SA students.
Keywords: Cantonese, South Asians, language
acquisition
1. INTRODUCTION
According to the 2016 by-census [5], there are 84,875
of ethnic minorities in Hong Kong who are of South
Asian descent speaking wildly distinct languages,
such as Urdu, Punjabi, Hindi, Gujarati, Sindhi, or
Nepali, among others. Among the South Asian
residents in Hong Kong who are aged 5 and above,
only 40.5% of them claim to be able to use Cantonese
as the usual or another spoken language. While an
increasing number of these ethnic minority parents in
Hong Kong are sending their children to mainstream
public sector schools [4], these students often cannot
rely on English as the sole medium of communication
in school because of the trilingualism and biliteracy
policy in Hong Kong. Moreover, with the lack of a
Chinese-as-a-second-language curriculum to these
non-Chinese speaking (NCS) students, they have to
learn Cantonese in an “organic” way, i.e., via general
exposure in the environment without explicit
instructions in the grammatical and sound systems of
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the language. Little is known with respect to their
acquisition of Cantonese vowel system in such
learning environment. Also, in recent years, even
though there is increasing research on South Asian
students in Hong Kong, none of them focuses on the
production and perception of the vowel system in
Cantonese. This study aimed to investigate the
acquisition of the spoken Cantonese vowel system by
school-age South Asians in Hong Kong.
1.1. Vowel system of Cantonese, Punjabi, and Urdu

Cantonese has thirteen vowel phones, which
comprise seven long vowels [iː yː uː ɛː œː ɔː aː] and
six short vowels [ɪ ʊ e ø o ɐ] [6, 15, 27, 28]. Even
though some linguists have analysed the vowels as
three long high vowels and four pairs of mid- and low
vowels contrasting in length [1, 7, 15, 17], only the
/aː/ vs /ɐ/ pair contrasts in all environments (in
diphthongs, before all coda stops and coda nasals),
and it was thus with a high functional load [6, 27]. In
such analysis, vowel quality plays an essential role in
terms of Cantonese vowel contrasts, and duration
differences are not recognized as a distinctive feature
[25].
Punjabi has ten vowel phonemes [i u e ɪ ʊ o ə/ʌ ɛ
ɔ a] [3, 11, 20], and its vowel quantity is considered
phonetically less significant than vowel quality. Also,
the ‘short’ vowels are better analysed as ‘centralised’
as opposed to ‘peripheral’. Vowel length is phonemic
in Urdu, where at least /i (ɪ) u (ʊ) a (ə/ʌ)/ and / iː uː aː
(ɑː)/ are contrastive [14, 16, 19, 21]. The Cantonese
vowel length contrast is hence predicted to be less
foreign to Urdu speakers than to Punjabi speakers.
Regarding vowel roundedness, Cantonese has two
pairs of vowels differing in lip roundedness: /i/ vs. /y/
(high front vowels) and /ɛ/ vs. /œ/ (mid front vowels).
Neither Urdu nor Punjabi contrasts lip rounding for
front vowels. Both Urdu and Punjabi have /i/ and /ɛ/
in their phonemic inventories, but the rounded
counterparts of these two vowels (/y/ and /œ/) are
absent. It would thus be interesting to see how this
contrast is perceived and produced by SA speakers,
and also to see if vowel height has any effect on how
the rounding contrast for vowels are realized and
perceived.

The similarities and differences between native
language (L1) and the target language (L2) play an
important role in speech learning. Theories on speech
acquisition such as Perceptual Assimilation Model
(PAM) [2] and Speech Learning Model (SLM) [9]
suggest that the hardest elements in L2 phonology for
learners are not the ones that are very different from
their L1, but rather those bearing similar features as
their L1.
The PAM intends to see whether there is category
assimilation between native and non-native sounds.
This theory discussed that if naïve learners assimilate
two contrastive sounds in L2 into different L1
categories, the contrast will be successfully
discriminated. On the other hand, if the two
contrastive sounds are assimilated into one single L1
category, the discrimination will be inaccurate. Nonnative contrasts are not equally difficult for listeners
to perceive.
The SLM connects speech perception and speech
production in L2 phonology. This model argues that
the more an L2 sound is perceived differently from
the nearest L1 sound, the more likely a new category
will be developed, making it easier for the learners to
perceive and produce the sound accurately.
Based on these models, we predicted that the
difficulty of Cantonese vowel length contrast may
differ depending on the phonetic environments, as
this contrast is absent in diphthongs in both Punjabi
and Urdu. In addition, differences can be expected for
Urdu and Punjabi speakers because of the presence vs.
partial-presence of vowel length contrast in their L1s.
For the rounding contrast, although either language
does not have this contrast, since both languages have
the unrounded vowels /i/ and /ɛ/, they may be able to
perceive the differences between the unrounded and
rounded counterparts, but have difficulties in
production.
2. METHODS
2.1. Participants

54 SA participants (29 males, 25 females) and 26
Cantonese participants (11 males, 15 females)
participated in this study. Among the 54 SA
participants, aged between 12 and 18, 15 participants
were dominant in Punjabi, 18 in Urdu, 11 in English
and 12 were dominant in more than one language (e.g.
Punjabi and English). The Cantonese participants,
aged between 15 and 18, were either Form 5 students
in a government-aided secondary school in Hong
Kong, or first-year undergraduate students at a
university in Hong Kong. All participants reported
having no hearing or speech problems.
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2.2. Materials

The production experiment was a picture-naming task
which intended to elicit a set of Cantonese
monosyllabic real words. 78 pictures, each
accompanied by its name in Chinese character(s) and
the English gloss (aiming to facilitate production),
were used. 14 of the 78 pictures were chosen to
investigate the participants’ ability to produce vowel
length contrast (/aː/ vs. /ɐ/), and 22 were intended to
examine the vowel roundedness contrast (/i/ vs. /y/
and /ɛ/ vs. /œ/).
The perception experiment made use of an AX
discrimination paradigm, with all stimuli produced by
a phonetically trained female Cantonese researcher.
There were 100 AA (same) pairs and 100 (different)
AB pairs of monosyllabic words. Each AA pair was
composed of two monosyllables which were identical
but came from two different recordings (e.g. [saːn˥]1
vs [saːn˥]2) The AB pairs consisted of two
monosyllables which were tonally identical but
differed in one segment (i.e., a minimal pair for the
targeted contrast; e.g. [jɛŋ˩] vs[jœŋ˩]). In total, 20
trials featured vowel length contrast and 40 featured
vowel roundedness contrast. Filler items concerning
consonantal contrasts were included.
2.3. Procedure

All participants were paid to attend a perception
experiment and a production experiment, as well as to
fill in a language background questionnaire. Half of
the participants did the production experiment first,
while the other half did the perception one first. The
experiment sessions involving secondary school
students were conducted in a quiet classroom in their
respective schools while those involving university
students were conducted in a sound-proof booth.
For the production experiment, a digital audio
recorder was placed approximately 20 cm away from
the participant to record their speech. The pictures
were shown one by one in a randomised order to each
participant. They were asked to naturally name the
item in each picture in isolation twice, with the
monosyllabic character. No time restriction was
imposed. If a participant was able to name the picture,
they produced the target monosyllabic word by
themselves (attempted). Hints were provided by the
experimenter when needed. If a participant really
could not produce the item, the participant would
repeat the target monosyllabic word at least twice
after the experimenter (shadowed). The two clearest
repetitions of each item were chosen for analysis.
For the perception experiment, a laptop with EPrime 2.0 was used to present the AX pairs of
monosyllabic stimuli with the inter-stimulus interval
being 500 ms. A fixation point appeared on the screen

prior to the playing of each pair, and the point
disappeared when the sounds were being played. The
participants listened to the word pairs in a randomized
order, and were then instructed to use the index and
middle fingers of their dominant hand to give
response by pressing the “same” and “different” keys
labelled on the keyboard according to the contrast.
They were reminded to respond as quickly and
accurately as possible within 5000 ms. Ten practice
trials were given prior to the actual experiment, and
feedback was given in the practice session as well.
3. RESULTS
The acoustic analyses were done in Praat using
FormantPro [26]. The formant frequencies of the
relevant tokens were measured at 10 equidistant
points along the vowel interval. The raw data in Hertz
were manually checked and any anomaly was
corrected. They were then converted to Bark units
using Traunmüller’s [24] formula. For the perception
analyses, the accuracy on the vowel length and vowel
rounding contrast was calculated, and the d-prime (d')
scores, which take bias into account [18], were
computed. Separate linear mixed effects analyses
were conducted on the d’-scores using the lmerTest
package in R (R Core Team, 2016).
Figure 1: The d'-scores on vowel length contrast of

Cantonese and SA participants in three phonetic
environments.

than the Cantonese participants (β= -1.32, t = -2.66, p
< 0.01), particularly in the diphthong environment.
The production analyses of Cantonese vowel
length contrast involve both vowel quantity and
vowel quality. Table 1 summarizes the differences
between the mean value of [aː] and [ɐ] produced by
the Cantonese and the SA participants in different
environments. There was a larger durational
difference between the Cantonese [aː] and [ɐ] than
between the SA (attempted) [aː] and [ɐ]. Moreover,
results show that the duration of [aː] and [ɐ] produced
by the Cantonese participants were significantly
different in all phonologically contrastive
environments, namely in diphthong (F (1,205) =
18.149, p < .001), pre-nasal (F (1,311) = 546.681, p
< .001), and pre-stop (F (1,206) = 151.296, p < .001).
However, the durational difference produced by the
SA participants, both attempted and shadowed, were
significantly different in the pre-nasal (p < .001) and
pre-stop (p < .001) environments only, but were not
significantly different in the diphthong environment.
With respect to vowel quality, the formant data
were analysed using Gu's [11] Smoothing Spline
ANOVA (SSANOVA). Simply put, any nonoverlapping area represents significant difference
between the formant measurements. Because of the
page limit, only one figure of typical F1 and F2
trajectories was displayed here (Fig. 2). Data for the
vowels produced in the diphthong [aːi ɐi]
environments and in pre-stops and pre-nasals were
not shown in Figure 2. For Cantonese participants, the
formant patterns of [aː] vs. [ɐ] in diphthongs were
quite different in both F1 and F2. The SA participants
had similarly different patterns for attempted [aːi ɐi],
and to a lesser extent, shadowed [aːi ɐi]. Nevertheless,
the large Cantonese differences in F1 and F2 for [aːu
ɐu] were not seen in the SA production. For pre-stop
and pre-nasal environments, the SA participants
could produce the difference in F1 between [aː] and
[ɐ], but not in F2.
Table 1: The durational differences (in ms) between

the mean values of [aː] and [ɐ] by Cantonese and
SA speakers (attempted and shadowed).

3.1. Vowel length contrast

Fig. 1 shows the mean accuracy in d'-scores of
Cantonese and SA participants in three phonetic
environments. The linear mixed effect model (details
not given here due to page limit) reveals that the
phonetic environments had a significant effect on the
participants’ discrimination performance. The SA
participants performed generally worse than
Cantonese participants, and significantly so in
diphthong environment (F (1,76) = 7.195, p = .009).
Among the language dominance groups, the Punjabidominant participants performed significantly worse
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Diphthong
Cantonese
SA (attempted)
SA (shadowed)

0.04
0.01
0.05

Prenasal
0.16
0.11
0.16

Prestop
0.09
0.05
0.07

3.2. Vowel rounding contrast

Lip-rounding results in lowered F2 and F3 [8, 10, 13,
22, 23] and is therefore useful in distinguishing
between rounded and unrounded sounds. Because of
the page limit, only the attempted data produced by

the Cantonese and SA participants were displayed in
Fig. 3. Results show that the rounded [y] and [œ] had
lower F3 values than the unrounded [i] and [ɛ]
respectively across the board, indicating that the
rounded vowels lip-rounding produced by the SA
participants was generally smaller than the Cantonese
participants. For instance, [ɛ] and [œ] produced by the
Cantonese participants were significantly different in
their F3 (F (1,502) = 35.542, p < .001), whereas for
speakers of Urdu, both attempted and shadowed, no
significant differences were found. In addition, the F3
difference between the high vowel pair [i y] produced
by the SA participants is generally closer to the
Cantonese reference than that for the mid vowel pair
[ɛ œ]. For example, [i] produced by Punjabi-dominant
speakers was not significantly different from the
Cantonese [i] in F1 (p = 1.000), F2 (p = .993) and F3
(p = .127); nor was [y] significantly different from the
Cantonese [y] in F1 (p = .987), F2 (p = .955) and F3
(p = .258). However, their [œ] and the Cantonese [œ]
were significantly different in F1 (p < .001).
The linear mixed effect model (details not given
here due to page limit) indicated that the phonetic
environment had a significant effect on the
performance of the participants in the discrimination
task. Results illustrated that the SA participants
performed significantly worse than the Cantonese
participants when the vowels were in the pre-nasal (F
(1,76) = 6.250, p = .015) and pre-stop (F (1,76) =
7.443, p = .008) environments, but not when the
vowels appeared word-finally. In terms of language
dominance, the Punjabi participants did significantly
worse than the Cantonese speakers among the SA
participants (β = -0.99, t = -2.50, p < 0.05).
Figure 2: F1 and F2 trajectories for [aː] and [ɐ]

produced by the Cantonese (above) and SA
(attempted, bottom left; shadowed, bottom right)
speakers in the diphthong [aːu ɐu] environment.
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Figure 3: Relative positions of [i, y, ɛ, œ] produced

by the Cantonese and SA (attempted) participants.

4. DISCUSSION
This study examined the acquisition pattern of
Cantonese vowel length contrast and vowel rounding
contrast by school-age SAs residing in Hong Kong.
Overall, our research findings suggest that these SA
participants were able to distinguish the contrasts of
vowel length and vowel rounding. Nevertheless, their
distinction of these contrasts was still worse than that
of the Cantonese native speakers. For the vowel
length contrast, the [aː] and [ɐ] shadowed by the SA
participants, compared to their attempted production,
were durationally closer to the Cantonese [aː] and [ɐ]
respectively, suggesting that the SA participants were
able to produce the durational contrast by imitating
the experimenter. Regarding the vowel rounding
contrast, the SA speakers had better separation of the
rounding contrast for the high vowel pair (e.g. [i y]),
which is especially so for participants who are
dominant in Punjabi and Urdu.
Furthermore, there are variations in difficulty of a
particular contrast in different phonetic environments.
For example, the vowel length contrast is most
difficult in diphthongs, while the vowel rounding
contrast is more difficult in closed syllables (pre-stop
and pre-nasal environments). Possible explanations
for the difficulties include assimilation caused by the
absence of vowel length contrast in diphthongs in
Punjabi and Urdu and a change in quality of the
rounded vowels caused by the presence of final
consonants. In addition, even if the SA participants
can make a phonological distinction in Cantonese,
they make use of cues that are different from that of
native Cantonese speakers, e.g. they only used
durational difference to distinguish [a:] vs. [ɐ] in
closed syllables while Cantonese speakers use both
duration and quality. Our study displays the specific
features of how SA students produce and perceive the
Cantonese vowel system, providing a useful basis for
further studies of advancing Cantonese learning by
the ethnic minorities in Hong Kong.
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have difficulties in producing and perceiving voicing contrast of word-final stops in English. Previous
studies have shown that Chinese speakers tend to devoice English voiced stops, delete voiced and voiceless stops, and insert vowels after syllable-final stops
[5, 18] in their production.
Mandarin Chinese learners may come across more
difficulties in perceiving word-final stops because
the stops may not be released by the native English
speakers in connected speech. It was reported that
about 40% of around 1,130 sentence-final stops occurring in the TIMIT database were produced without audible releases [10]. Previous studies reported
that Mandarin Chinese speakers are able to perceive
released syllable-final voicing very well, but they
show difficulties in perceiving unreleased syllablefinal stop voicing [6, 20]. For example, Mandarin
Chinese learners can distinguish mad and mat if the
stops are released, but they cannot distinguish these
two words if the stops are not released. However,
in this case the native English speakers usually rely
on the secondary acoustic cue, that is the preceding
vowel length, in their production and perception of
unreleased word-final stops.
It was reported that it is presumably a languageuniversal phenomenon that vowel duration varies as
a function of the voicing of the following consonant, such a tendency has been confirmed for English in various studies [9, 15, 8, 12]. It was noted
that in many minimal pairs of CVC type in English,
the vowel followed by a voiced consonant is longer
than the same vowel followed by a voiceless consonant by a ratio of approximately 3:2 [15, 4], and
it was found that differences in vowel length are
sufficient to cue the perceptual distinction between
voiced and voiceless consonants. It was further reported that the obstruent following any vowel of less
than about 200 ms was identified as voiceless, while
that following a vowel of more than 300 ms tended
to be recognized as voiced [16]. However, the extent
to which an adjacent voiced or voiceless consonant
affects its preceding vowel duration is determined

ABSTRACT
It is widely accepted that vowels are longer before voiced consonants than before voiceless ones in
many languages (such as English). However, neither voiced-voiceless stop contrasts nor long-short
vowel contrasts exist in Mandarin Chinese. This
study investigates whether the Chinese learners exhibit a difference in vowel duration as a function
of the stop voicing in their L2 English production
and perception. The production measurements in the
Chinese L2 English TIMIT database demonstrated
a similar effect as that of the native speakers. In
the perceptual experiment with 56 Chinese participants, the results showed that there was a general tendency for the subjects to choose voiced stops when
the preceding vowels were lengthened, but there was
no significant difference between the intermediateand the advanced-level learners. However, the Chinese learners displayed different perceptual patterns
in different vowels and stops. The results have some
implications for L2 English speech learning.
Keywords: voiced/voiceless stops, preceding vowel
duration, voiced/voiceless perception, L2 English,
L1 Mandarin Chinese
1. INTRODUCTION
It is generally agreed that adults’ production and perception of speech are patterned to some extent by the
phonological system in their native language (L1).
While learning a second language (L2), the learners usually have difficulty in producing and perceiving different sounds that only have distinguishing
features in L2 but not in L1. Several studies have
shown that foreign language learners differ from native speakers in the production and perception of L2
phonetic contrasts [7, 5]. For instance, unlike English in which stops have voicing contrasts and can
occur in syllable final positions, Mandarin has no
voicing contrast for stops and allows stops only at
syllable onset. Therefore, most Mandarin learners
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sured the absolute duration of the vowel, and found
that they did produce the same vowel ( [aI] and [eI])
longer before voiced stop [d] (in ride and made) than
before the corresponding voiceless stop [t] (in right
and mate) except for the vowel [ae]. The comparison
can be observed in Fig 1. The transcription “ae, ay,
ey” correspond to IPA “[æ], [aI], [eI] ” respectively.

by the language-specific phonological structure [4].
Only few studies have been devoted to examine the
performance of Mandarin Chinese learners on this
secondary acoustic cue [6, 4, 20]. In this study, we
aimed to focus on this issue to answer the following
questions related to Chinese learners:
• Do they exhibit a difference in the preceding
vowel duration as a function of the following
word-final stop voicing in their L2 English production and perception?
• Is there any difference in the perception between intermediate and advanced learners?
• Do vowel categories and place of articulation of
stops influence their perception results?

Figure 1: Mean vowel duration of L2 production

Mean duration (ms)

Stop

2. METHOD

150
100
50
0
ae

2.2. Perception

2.1. Production

2.2.1. Stimuli

Although numerous words ending with stops exist in
the English L2 TIMIT, but only three monosyllabic
minimal word pairs could be found in the database
[19], which are listed in Table 1.
Table 1: Monosyllabic minimal word pairs selected from L2 English TIMIT.

[eI]

ey

In designing our test data, we used words of the
canonical form of hVC. We chose /h/ as the initial
consonant, for /h/ exerts little influence on the following vowels [13]. Seven vowels in American English [i, E, æ, A, O, u, oU] were selected as stimuli to
cover high-mid-low, front-back, and monophthongsemidiphthong-diphthong vowels [14]. They were
combined with three pairs of voiced/voiceless (labial
[b, p], dental [d, t], and velar [g, k]) stops at wordfinal positions; therefore, 21 minimal pairs were obtained. An adult native speaker of standard American English was selected as the speaker. The recording was carried out in 16 bit and 44.1 kHz in a soundproof room. After a short training, the speaker was
able to read these words accurately in IPA transcription. Finally, the speaker managed to produce each
21 pairs for five times with normal and consistent
prosody. The absolute duration values of the target
vowels from the 210 stimuli are presented in Fig. 2.
Similar to the results reported in previous investigations, vowels were significantly longer in voiced
contexts than in voiceless ones, with a voiced-tovoiceless mean ratio of 1:1.91. In order to avoid unnaturalness, the maximum and minimum vowel duration values in each group produced by the speaker
were selected as the two ends for stimuli, which are
listed in Table 2. The transcription “aa, ae, ao, eh,
iy, ow, uw” in ARPAbet correspond to “[A], [æ], [O],

2.1.1. Materials

[aI]

ay
Vowels

We took great care in the preparation and conduct of
the perception experiment.

For the production investigation, we employed sentences from the English L2 TIMIT [19, 3].

Word
had
hat
ride
right
made
mate

voiceless

200

Production materials were taken from a database and
perception stimuli were specially designed. For the
convenience of display, the ARPAbet transcription
[11], which represents phonemes of General American English with distinct sequences of ASCII characters, are employed in the figures in this paper.

Vowel
[æ]

voiced

Occurrences
6
5
14
18
4
5

2.1.2. Results
The speakers were recruited from a key university in
Shanghai, so their English levels were equivalent to
the intermediate level and above. Though they were
slightly different in oral performance, all of them
produced the final stops with release. We only mea-

3647

China, and used Mandarin as their native language.
They claimed to have normal hearing and participated in the experiment voluntarily, and received a
small amount of payment for participation.

Figure 2: Mean vowel duration (and standard deviation) of the target vowels in stimuli recording

Vowel duration (ms)

Stop

voiced

voiceless

300

2.2.3. Procedures

200

The participants completed the voiced-voiceless
2AFC (two-alternative forced choice) identification
task with E-prime 2.0 in a quiet room individually.
Voiced-voiceless stimuli were presented binaurally
to listeners via Sennheiser headphones. The participants heard a sound stimulus hV and simultaneously saw voiced-voiceless stop pair on the computer
screen, e.g. “1 = b” on the left side and “2 = p”on the
right side of the screen for the pair of [b]-[p]. They
were asked which stop was unreleased by pressing
“1” or “2” on the keyboard to indicate their choice.
Listeners should respond within 10 seconds for each
sound stimulus. Participants were trained and practiced for about 5 minutes by the instructor to ensure
that they understood and could follow the task instructions precisely before the test started. Identification tasks were divided into three blocks, namely
to distinguish between [b]-[p], [d]-[t], and [g]-[k].
Each block contained 245 stimuli (7 vowels x 7 steps
x 5 repetitions), which were presented in a random
order. Participants were given a short break between
every two blocks, and it took about 30 minutes to
complete the whole experiment. The choice and response time for every stimulus were recorded.

100
0
aa

ae

ao

eh
iy
Vowels

ow

uw

[E], [i], [oU], [u]” in IPA, and C, M, R stand for consonant, mean, and ratio, respectively.
Table 2: Maximum and minimum vowel duration
and their ratio in stimuli words hVC.
C
[b]
[p]
R
[d]
[t]
R
[g]
[k]
R

[i]
272.7
99.7
2.7
315.9
122.2
2.6
301.5
113.5
2.7

[E]
184.5
81.6
2.3
230.3
71.4
3.2
241.5
85.8
2.8

[æ]
177.6
78.4
2.3
186.3
74.1
2.5
217.6
86.0
2.5

Vowels
[A]
250.1
105.0
2.4
314.3
121.3
2.6
262.7
101.3
2.6

M
[O]
321.6
119.7
2.7
320.4
110.3
2.9
254.8
94.3
2.7

[u]
260.8
107.6
2.4
346.8
104.6
3.3
278.7
118.7
2.3

[oU]
272.3
101.5
2.7
269.4
113.7
2.4
299.5
120.9
2.5

248.5
99.1
2.5
283.3
102.5
2.8
265.2
102.9
2.6

The naturally produced words with the maximum
duration were selected for manipulation. The audible voiced parts of word-final stops were removed,
and the intensity peak scales were normalized to
ensure the same loudness. Along each maximumminimum continuum of the vowel duration, six equal
steps were divided and seven points were obtained
with point 1 for the shortest and 7 for the longest. All
the stimuli were created by resynthesis with PSOLA
in Praat [2], and 147 stimuli were developed (7 vowels x 7 vowel durations x 3 stop pairs). A pilot
test was conducted to ensure that every stimulus was
fairly natural without any signal distortion.

2.2.4. Results
Fig. 3 illustrates the overall picture of listeners’
choices in every step on the vowel duration continuum. Despite several ups and downs, all the lines
show an upward trend. The x-axis represents the
vowel duration with point 1 as shortest, and 7 as
longest, while the y-axis indicates the mean percentage of choosing voiced stops as the unreleased consonants. The results showed that there was a general
tendency for the Chinese subjects to choose voiced
stops when the preceding vowels were lengthened.
The percentage values in raw data were first transformed into rationalized arsine unit (RAU) to make
them more suitable for statistical analysis [17]. Then
a series of linear mixed-effects analyses were conducted on participants’ responses using the lme4
package in R [1]. Subjects were set as random factor
as usual, subjects’ response of RAU as the dependent variable. Likelihood ratio tests were performed
to evaluate four fixed factors. The main effects analyses showed that there was no significant difference
for fixed variable of speaker groups (x2 = 0.587, df =

2.2.2. Subjects
We recruited students at a key university in Shanghai
as subjects with two degrees of English proficiency.
Subjects who had passed TEM8 (Test for English
Majors-Band 8) or IELTS with scores higher than 7.0
were classified as advanced level; the others were regarded as intermediate level. Thus we obtained 56
participants, including 33 advanced and 23 intermediate learners. All of them were born and grew up in
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Figure 3: Judgements in percentage of corresponding voiced stops as a function of steps along the vowel duration
continuum for all participants
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ers that diphthong vowels and velar stops can interfere with their perceptual performance [14] though
their performance is not so good as the native speakers reported in the literature [6, 16], because there
is no 100% choice for a voiced stop if the vowel
duration exceeds 300 ms. However, in the current
study we can hardly determine whether the interference of diphthong vowels and velar stops in the
secondary perceptual cue is universal or languagespecific, which demands more investigation. Moreover, the fact that no significant difference exists
between intermediate and advanced English levels
may indicate that these subtle phonetic features can
hardly be improved for adult learners. The advanced
learners may rely on other prosodic, syntactic, or semantic cues in English listening comprehension, but
this secondary acoustic cue may be effective in distinguishing non-native from native speakers.

1, p = 0.443). However, significant differences were
observed for other three variables (place of articulation of stops: x2 = 421.94, df = 2, p < 0.001; vowel
category: x2 = 82.194, df = 6, p < 0.001; continuum
point: x2 = 614.42, df = 6, p < 0.001).
Moreover, we adopted lmerTest to examine
whether RAU values differ between different duration steps for every vowel and each place of articulation, and it was found there were no significant
differences if the preceding vowel is a diphthong
[oU] or the syllable-final is a velar stop. No significant differences in RAU could be found between any
two duration steps for /hæ(kg)/, /hoU(kg)/, /hu(kg)/,
which can be easily observed in Fig. 3.
3. DISCUSSION
Based on the results, we can now answer the aforementioned questions concerning Chinese learners:
• They tend to display different vowel lengths as
to the following stop voicing in their production
and perception, but not with certainty.
• There is no difference between learners of intermediate and advanced levels.
• Vowel categories and places of articulation of
stop can influence L2 perceptual performance.
Most Mandarin Chinese learners are not aware of
the English phonological rule that vowels are longer
before voiced stops, but they do use this rule unconsciously in their production and perception.
In the production data, Chinese learners usually
use unaspirated/aspirated to replace voiced/voiceless
stops. They produce an extremely long aspirated
stop for a voiceless one, making the preceding vowel
relatively shorter. This provides more evidence to
support the idea that longer vowels before voiced
stops may be universal. The reason that minimal pair
hat and had did not support this result is that had was
unstressed as an auxiliary verb.
In the perception experiment, Chinese learners
also showed similar behavior as the native speak-

4. CONCLUSIONS
This study provided more evidence to support the
fact that Chinese learners employ the English phonological rules that vowels preceding voiced stops are
longer than voiceless ones unconsciously in their
production and perception. Their perceptual performance are degraded if the vowel is a diphthong or
the stop is a velar, which is also the same as the native speakers. However, experiments should be extended to native speakers and English learners from
other countries to discover more linguistic facts.
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ABSTRACT
Increasing comprehensibility is a common desire of
many speakers of a foreign language. However, most
learners have troubles improving the articulation of
already acquired foreign sounds despite continuing
language learning. Czech speakers of English
typically struggle with the contrast between English
vowels /e/ and /ӕ/. The present study employed
ultrasound tongue imaging as a visual feedback for
vowel remediation and two methods of articulatory
practice. Eight adult speakers of Czech English
received three 40-minute ultrasound training sessions
practicing articulation of the two vowels in isolation,
syllables and minimal pairs. Half were practicing
only articulation of the two vowels while the other
half was first practicing lingual articulatory setting for
English, followed by vowel practice. Perceptual
evaluation comparing pre- to post-training production
shows an improvement in minimal pair contrast for
most speakers but no clear difference between the
training methods.
Keywords: ultrasound tongue imaging, vowel
remediation, foreign language learning
1. INTRODUCTION
Czech speakers of English typically merge English
vowels /e/ and /ӕ/ in their production into one front
mid vowel since this opposition is not part of the
Czech vowel system [17]. Consequently, they do not
produce the contrast between these two English
vowels reducing speech comprehensibility due to the
existence of a number of minimal pairs.
A method yielding promising results for speech
sound remediation is ultrasound tongue imaging
(UTI) used as a real-time visual feedback. It allows
observation of the tongue shape, position and
movements during speech, while being safe, noninvasive and relatively easy to use. The method has
been successfully used in a number of clinical studies
where participants (children and adults) with speech
sound disorders of different origins acquired new
lingual articulations, transferred them to non-trained
items and retained them long term (e.g. [3,5,13]).
More recently, the application of this method has
been explored in foreign language learning, both for
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consonants and vowels (for review see [4]).
Participating speakers showed improvement after
even only one training session [6] and retention at two
months post-training [8]. The latter study also directly
compared performance of learners practicing vowel
production with UTI and those following a more
conventional pronunciation training, showing greater
change in the UTI training group.
The present study attempts to partially replicate
the above one by evaluating vowels in words and not
only in isolation, while also comparing two different
training methods: (1) direct training of individual
vowel’s lingual articulation (as done in the UTI
training studies reported so far) and (2) acquisition of
lingual articulatory setting (AS) for English first,
followed by individual vowel training.
Several studies have reported language specific
AS [7, 9, 18] and some authors claim that adopting an
L2 AS is the necessary prerequisite for adequate
production of L2 speech sounds [11].
According to [12] AS for English comprises
correct position of the tongue, lips, jaws, pharynx and
larynx. Because the tongue is the main articulator
involved in the production of English /e/-/ӕ/ contrast,
only lingual AS is the focus of the study presented
here. For English this comprises active lateral bracing
of the tongue against the upper (pre)molars, the
tongue tip being positioned very close to the alveolar
ridge but without direct contact, and the centre of the
tongue, from behind the tip backwards, lying concave
to the roof, creating a “butterfly” shape in coronal
view [12, 11]. In contrast, for the Czech language the
tongue tip is in contact with the lower incisors and/or
gums which has been reported as the main reason for
difficulties in the articulation of English vowels for
Czech speakers [15].
In terms of the two vowels articulation, it was
expected that the main articulatory difference will be
noted in the very front part of the tongue, tip and
blade, which will be positioned higher for /e/ than for
/ӕ/.
The goal of the present study was thus two-fold:
(1) evaluate if speakers of Czech English improve the
/e/-/ӕ/ contrast after pronunciation training
employing UTI as a real-time visual feedback, and (2)
explore the effect of practicing the articulation of
vowels only and of practicing the articulation of same
vowels with lingual AS.

2. METHOD
2.1. Speakers

Eight participants took part in the experiment. They
were all first year students of the Czech Language &
Literature Programme, aged between 19 and 21 years.
All took a state exam in English at the end of high
school suggesting at least a B1 level of proficiency.
None of them ever spent any extensive time in an
English speaking country and only SST1 lived in a
foreign country (18 months in the Netherlands). All
participants knew ahead that the training will be
focused on English vowels /e/ and /ӕ/, and they were
very motivated to improve their pronunciation.
Participants were randomly assigned into two
groups differing in the method used in the speech
training sessions: four practiced only the two target
segments (SST group), and four first practiced lingual
AS for English and later practiced the segments with
this setting (AST group).
2.2. Speech material

Because the final goal of the speech training was
improvement in the production of English /e/ - /ӕ/
contrast, the test and training material was based on
minimal pairs.
Test data collected pre- and post-training
consisted of 12 minimal pairs: end-and, head-had,
pet-pat, bet-bat, pen-pan, met-mat, men-man, deaddad, ten-tan, Ken-can, said-sad, set-sat. The set was
chosen because it allowed using real words while
minimizing coarticulatory effect of final consonant
(post-dental/alveolar place of articulation) on the
vowel.
2.3. Speech training

Each participant received three 40-minute speech
training session (at most a week apart) using UTI as a
real-time visual feedback.
Following a brief familiarization with UTI and
English vowel system, the participant produced the
two vowels in isolation while observing ultrasound
images and explained any similarities or differences
in tongue shape and position between them. Next, the
trainer (first author) produced the two vowels, with
UTI, and the participant described these productions.
Once the participant understood the target
articulations, the speech training started and the
trainer did not produce any additional modelling of
the target vowels.
Importantly, at this point the participants in the
AST group were explained lingual AS for English.

3652

They practiced positioning their tongue in the
required configuration while observing a coronal
view of their tongue. Once they felt confident holding
tongue in the target setting, they used it during the
entire vowel practice.
During the first training session all participants
practiced the two vowels in isolation, followed by
non-word syllables with CV, VC and C(C)(C)VC
structure. 39 minimal pairs (78 words), including
nine out of 12 pairs used in the test material, were
added in the second training session. The same words
were used in sentences in the third training session.
Initially, participants were asked to monitor
production via tongue images. However, after several
correct productions, they were asked to rely solely on
the acoustic output and on the proprioception of the
position of their tongue in the mouth.
Participants produced at least ten repetitions of
each used item per session, the order of items varied
between sessions and speakers. The trainer provided
immediate feedback at the beginning of each session,
however the control of production was progressively
transferred to the participant.
Furthermore, the training material included filler
items without the focus on the target vowels.
2.4. Data collection

Articulatory and acoustic data were recorded at the
beginning of the first session and at the end of the
third session. The data were recorded using Micro
ultrasound system and Articulate Assistant Advanced
software [2]. The system allows synchronisation of
the ultrasound and audio signals. Probe stabilization
headset [1] was used during the recording.
Participants made two repetitions of the word list and
the ultrasound data were captured in midsagittal view.
Additionally, a coronal view of lingual AS was
recorded while participants were speaking English
and Czech.
2.5. Data analysis

Only the first production of each test item was used
in the analysis.
2.5.1. Articulatory analysis
In order to extract a sagittal image of tongue contour
representing a vowel, the mid-point of vowel duration
was selected and tongue surface was traced in the
associated ultrasound frame. Mean tongue contour
was calculated from 12 tongue contours of the test
word list.
A coronal image of tongue shape presenting lingual
AS was extracted from the intervals between
consecutive English words.

2.5.2. Perceptual analysis
Three experienced phoneticians, non-native but
highly proficient in English rated the productions in a
perceptual discrimination test. Target words were
presented in minimal pairs (12 pairs x 2 conditions
(pre, post) x 8 speakers) and the listeners had to
decide whether the words in a pair are similar or
different. Because some of the participants marked
the contrast with vowel duration, the listeners were
instructed to base their decision on the quality of the
vowel and not on its duration. Fleiss kappa was
calculated to evaluate interrater reliability.
3. RESULTS
3.1. Articulatory data

Figure 1 shows mean tongue contour pre- and posttraining for one speaker of each method group.
Firstly, just as the two speakers presented in Figure 1,
all the other participants (except AST2) made almost
no difference in the lingual shape and position for the
two English vowels pre-training. Post-training data
revealed more differences across participants. Three
speakers, AST1, AST4 and SST3 (the data is less
conclusive for this speaker) showed the expected
lower front of the tongue for /ӕ/ than for /e/, the
reverse was observed for SST4 and AST2, while
speakers SST1, SST2 and AST3 showed no
difference.

are turned downwards and the imaged tongue has an
upside-down U shape. The same shape is present at
pre-training, while post-training the speaker uses
English lingual AS, with the tongue being actively
braced and approximating a “butterfly” shape. All
AST speakers were using English lingual AS in posttraining data collection.
3.1. Perceptual data

The Fleiss kappa test (kappa = 0.508, p-value = 0)
revealed only a moderate interrater reliability in the
assessment of minimal pairs sounding same or
different. The same can be observed (Table 1) in the
number of minimal pairs (out of total 12) that were
rated by all three listeners as same, different or a mix
of the two ratings. The results imply a post-training
decrease in the number of pairs being perceived as the
same by all the listeners for all participants, except
SST2 and AST2. The number of pairs being rated as
different by all three listeners (at least minimally)
increased for four participants, stayed the same for
two and decreased for two. Consequently, the number
of pairs that received mixed ratings increased for six
participants, stayed the same for one and decreased
for one (AST4).
Table 1: The number of minimal pairs (out of total
12) that were rated by all three listeners as same, as
different or as a mix of the two ratings.
rated as
speaker
SST1
SST2
SST3
SST4
AST1
AST2
AST3
AST4

Figure 1: Mean midsagittal tongue contours for
speakers SST1 (top) and AST1 (bottom) pre- (left)
and post-training (right). /e/ = solid line, /ӕ/ =
dashed line. Tongue front is on the right side.

same
pre
post
5
3
7
7
9
2
10
6
4
3
5
5
10
4
3
1

different
pre
post
4
1
0
0
0
3
1
2
1
1
5
4
0
1
3
10

mix
pre
3
5
3
1
7
2
2
6

post
8
5
7
4
8
3
7
1

4. DISCUSSION
Figure 2: Lingual articulatory setting of AST4
when speaking Czech (2a), English pre-training
(2b) and English post-training (2c)

Coronal ultrasound images in Figure 2 represent
AST4’s lingual AS when speaking Czech (2a),
English pre-training (2b) and English post-training
(2c). The first image corresponds to the expected
lingual shape for Czech, where the sides of the tongue
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Because of the mismatch between the Czech and
English vowel set, it was expected that speakers of
Czech English will show little difference in the
production of English vowels /e/ and /ae. This was
conformed both by the articulatory analysis of
midsagittal tongue contours and by perceptual
evaluation. In pre-training, none of the speakers
showed the expected difference in the position of the
front part of the tongue, with almost all speakers
having no difference in tongue shape and position.
Similarly, perceptual discrimination test revealed that
for each speaker more minimal pairs were rated as
same by all three listeners than as different (except

SST2 and AST2 with equal distribution), and more
were rated as same than having a mixed response
(except AST1 and AST4). The latter suggests that
listeners agreed in their evaluation of most pairs.
One of the aims of the study was to evaluate
whether speakers of Czech English improve the /e//ӕ/ contrast after UTI pronunciation training. It is
important to note here that all participants understood
the
difference
between
their
pre-training
pronunciations and the target ones once they saw their
own and the trainer’s productions. Moreover, they
were all able to produce the two English vowels
correctly in the first few attempts after the
demonstration. During the entire training, all
participants, except SST2, reliably produced
articulatory and perceptually adequate targets. The
trained vowel contrast was noted in isolated vowel
productions, syllables, words and sentences, and it
was present across repetitions. SST2 was the only
speaker who had difficulties producing the target
contrast.
Post-training data, however, did not fully capture
this change. Articulatory data confirmed the expected
lower front of the tongue for /ӕ/ than for /e/ only for
three participants. There was no notable difference
for the remaining five, although successful
productions were observed throughout the training
sessions for most of the participants. A very likely
reason for this lies in one of the major limitations of
UTI – raised tongue tip cannot be imaged because of
the air pocket below it. The main articulatory
difference between the two vowels was expected to
be in the vertical position of the front of the tongue
and it is very likely that that part was not imaged
adequately during the recording.
Post-training perceptual evaluation is more
supportive of the noted changes in vowel contrast
productions during the training. Most speakers
(except SST2 and AST2) had less minimal pairs
evaluated as same by all three listeners, and most had
a greater number of pairs receiving a mixed response
by the listeners. The latter can be viewed as a direct
result of acquiring new articulations. The participants
had a relatively short time for practicing new lingual
movements and it was not expected that the
movement would become automatic by the end of the
training. However, the increase in mixed responses by
different listeners suggests that the speakers were
trying to use new articulation but did not yet execute
them correctly. Increased variability in the production
of target vowels at the end of UTI pronunciation
training has been reported previously [8]. Finally, the
increase in the number of minimal pairs being
perceived as different by all three listeners was only
minimal for most speakers. The greatest increase in
this value was achieved for speakers SST3 and AST4
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who were also the most consistent in their correct
articulations during the training.
Two more possible sources affecting the test data
were noted. First, some of the participants marked the
contrast between the two English vowels by vowel
length which was perceptively longer for /ӕ/ than for
/e/. Vowel length is a primary distinctive feature in
Czech but only secondary in English and the usage of
vowel length differs between Czech and English [10,
14, 16]. Second, it is possible that participants were
not sure which vowel to produce based on the written
prompts. This could be more problematic in the posttraining data collection, because they were aware of
the different vowels but had a very limited time to
make a choice. The recording started just after the
prompt appeared on the computer screen and they
were asked to utter the word as soon as the recording
started.
The second objective of the study was to evaluate
any differences between the speakers using two
different training methods. All AST participants
spoke with English AS at post-training as visible in
the ‘butterfly’-like shape of the tongue [11, 12].
However, the data presented here does not provide
clear answer whether one method is better than the
other. Interestingly, all speakers in the AST group
remarked that they sounded more English than when
speaking without the English lingual AS. More
research is needed to investigate the effect of L2 AS
on the L2 production.
Finally, all participants expressed positive feelings
about using UTI in the pronunciation training. They
reported that it helped them to understand the
difference in the articulation of the two vowels and to
produce them correctly.
5. CONCLUSIONS
The study presented here aimed at investigating
whether UTI helps speakers of Czech English to
realize the /e/-/ӕ/ vowel contrast in minimal pairs and
whether the gains are different for speakers practicing
the new articulations with Czech or English
articulatory setting. The results suggest some
improvement in producing the contrast for most
speakers post-training. However, the change is not
uniform across the speakers. Furthermore, no clear
distinction between the two methods was noted.
Possible reason for a lack of observable articulatory
differences is a methodological limitation of UTI.
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ABSTRACT
Objectives: The phonetic basis of the fortis-lenis
distinction between [p, t, k] and [b, d, g] in the
Moselle-Franconian (MF), the Rhenish-Franconian
(RhF), and in the Transitional region dialects (TR)
was examined. These dialects are spoken on both
sides of the French-German border, i.e. in Lorraine,
the Saarland, and N.W. Palatinate. Methods:
Production data from 4 German and 6 germanophone Lorraine dialect communities were analysed.
Results: Cross-border production convergence is
shown for the fortis-lenis plosives concerning their
VOT durations. Further, the differentiation on the
basis of stop closure duration made by the German
speakers of RhF is absent in the speakers of the
same dialect in Lorraine, whereas closure voicing
and short stop closure durations, characteristics of
Lorrainese MF-speakers were not found for German
speakers. Conclusion: The results indicate systematic production differences which justify the use of
different cross-border transcription systems on the
above mentioned dialects in the literature.
Keywords: Fortis-lenis opposition, Cross-border
production differences, Transcription systems
1. INTRODUCTION
The subject of the present study is the phonetic basis
of the fortis-lenis distinction between the fortis
plosive series [p, t, k] and the lenis plosive series [b,
d, g] in the MF, the RhF as well as the TR region
dialects spoken on the French and the German sides
of the French-German border, i.e. in Lorraine,
Département de la Moselle, the Saarland and N.W.
Palatinate, respectively. The present study was
motivated by the discovery that different
transcription systems have traditionally been used in
the literature on the aforementioned dialects in
Germany [1-5]. RhF word initial plosives are
transcribed with lenis symbols and MF plosives with
fortis symbols. With respect to the dialect areas of
Lorraine (France), the relevant dialectological literature is in primarily found in the ‘Atlas linguistique et
ethnographique de la Lorraine germanophone’[6]. In
this atlas - contrary to the transcription systems for
dialects on the German side of the border - MF word
initial plosives in etymologically related lexemes are
usually transcribed with lenis symbols, in the RhF
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area with fortis symbols, while in the TR region the
same segments are rendered with either fortis or
lenis symbols (see Table 1) [6]:
Table 1: Transcription conventions
MF region

TR region

RhF region

[blʊ:t]

[blʊ:t] or [plʊ:t] [plʊ:t]

(‘blood’)

(‘blood’)

(‘blood’)

However, in all three areas, the pre-vocalic fortislenis opposition still exists as the following
examples illustrate (see Table 2):
Table 2: Minimal pairs
MF
TR

/pu:r/ (‘pair’) - /bu:r/ (‘well’)
/pɛ:r/ (‘horses’) - /bɛ:r/ (‘bears’)

RhF

/pɛ:r/ (‘horses’) - /bɛ:r/ (‘bears’)

These transcription differences are also found in
dialect descriptions on the German side of the
border. However, there is an as yet unexplained
reversal of the MF and the RhF fortis-lenis relations
compared to Lorraine. Namely, the fortis plosives
([p, t, k]) are found to predominate in the MF
regions, while their lenis counterparts ([b, d, g]) are
used predominantly in transcriptions of RhF and TR
region lexemes (see Table 3) [2, 5]:
Table 3: Transcription conventions
MF region
[tan] (‘fir’)

RhF region
[dan] (‘fir’)

Again, the pre-vocalic fortis-lenis opposition still
exists in both areas (see Table 4).
Table 4: Minimal pairs
MF /paus/ (‘pause’) - /baus/ (‘swelling’)
RhF
/pɛ:r/ (‘horses’) - /bɛ:r/ (‘bears’)

This divergent representation of the plosives not involved in the fortis-lenis distinction implies a differrent phonetic basis. The aim of this study is to identify differences in this phonetic basis.

The phonetic structure of the fortis-lenis opposition
is known to be complex in languages with Germanic
roots [7-9]. 'Plosive-intrinsic' properties of interest
are closure duration, closure voicing, stop release,
and degree of aspiration. Differences in vowel
duration preceding fortis and lenis, and in the
vocalic transitions into and out of the stop closure
we call 'plosive-extrinsic' properties.
2. MATERIAL AND METHODS
2.1. Speakers and language material

Ten speakers, one each from 10 small towns or
villages were recorded. They spoke ten tokens of
bilabial, alveolar and velar fortis-lenis initial plosive
minimal pairs appropriate to the particular dialect.
The speakers from the communities in Lorraine were
part of a project investigating cross-border comparisons of MF and RhF dialect features. These
communities were those in which a wider range of
speakers had been investigated in the course of a
cross-border comparison of MF and RhF dialect
features. Two of these communities (Apach and
Schwerdorff) are located in the Northwest MF
region, two others (Rahling and Rohrbach) in the
Southeast RhF region, and finally, two (VahlEbersing and Vahl-lès-Faulquemont) in the TR
region between them, which is known to exhibit a
mixture of MF and RhF dialect features. The four
German communities were Beuren and Besseringen
in the MF regions of North Saarland and the
Northwest Palatinate, and Saarbrücken and
Großrosseln in the RhF region of the Southern
Saarland, respectively. The ten tokens of the
minimal pairs were recorded in two separate
randomised series of five, the words being spoken in
carrier sentences equivalent to the High German
"Ich habe immer __ gesagt" (I have always said __)
E.g. RhF: /ix xɔn 'imər pɛ:r gə'za:d/

tested for the effects of the independent variables
Fortis/Lenis, Regional Group, and Individual
Speaker in three three-way Repeated-Measures
ANOVAs for the German and the French speakers.
3. RESULTS
3.1. German dialect areas

For these areas, the greatest acoustical difference
between fortis and lenis was found to lie in the
duration of the VOT. (average duration, ms: [p]=39,
[t]=48, [k]=66; [b]=9, [d]=14, [g]=17; F 622.9, p <
0.001). In Figure 1 these differences are shown.
Figure 1: Production results for the dialects
regions in Germany: Overall average VOT (ms).

Small overall differences in closure voicing were
also detected, but systematic differences here were
found to exist only in one (female) speaker.
With regard to the stop closure duration, which does
not differ significantly as a function of the fortislenis category, the following tendencies were found
(see Figure 2):
Figure 2: Production results for the dialects
regions in Germany: Fortis [p, t, k] and lenis [b, d,
g] overall average closure duration (ms) .

/ix xɔn 'imər bɛ:r gə'za:d/
2.2. Recording procedure

The recordings were digitized at a 16kHz sampling
rate and the stop closure duration (closure duration),
the closure voicing during closure (periodicity), and
the duration between stop release and voicing onset
for the following vowel (voice onset time, VOT)
were measured using the Kay CSL (Model 4300B)
waveform and spectrographic display facilities.
2.3. Statistical procedures

Data analysis was performed using SPSS version 22
for all tests. The three dependent variables, closure
duration, periodicity, and voice onset time were
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First, Moselle-Franconian speakers displayed only
very few of the differences between the fortis and
lenis known to be present in standard German: fortis
stop closure duration > lenis stop closure duration
(by about 10%). However the productions of RhF
speakers point to an inversion of this relationship:
lenis stop closure duration > fortis stop closure
duration (by about 14%). Second, closure durations
are systematically different across the two dialect
regions (average duration, ms: MF: [p]=147, [t]=149,
[k]=142; [b]=138, [d]=134, [g]=136; RhF: [p]=115,
[t]=116, [k]=79; [b]=131, [d]=127, [g]=112; F 71.20,
p < 0.01) All these findings are illustrated in Figure
2 above.

Figure 4: Lenis production results for the dialects
regions in France MF-Speakers: Overall average
closure duration / periodicity in the closure (ms) of
lenis productions.

3.2. French dialect areas

The duration of VOT was also found to be a
common acoustical difference between fortis and
lenis plosives (average duration, ms: [p]=42, [t]=39,
[k]=56; [b]=12, [d]=14, [g]=17; F 651.9, p < 0.001;
see Figure 3).

Figure 5: Lenis production results for the dialects
regions in France RhF-Speakers: Overall average
closure duration / periodicity in the closure (ms) of
lenis productions.

Figure 3: Production results for the dialects
regions in France: Overall average VOT (ms).

However, with respect to the closure voicing
(periodicity), speakers also show considerable
differences: Periodicity is most frequent in the lenis
production from speakers from the MF region
(average duration, ms: [b]=81, [d]=63, [g]=58, see
Figure 4). However, RhF plosives do not show
continued periodicity (average duration, ms: [b]=25,
[d]=27, [g]=26, see Figure 5).
Speakers from the Transitional region (TR) take an
intermediate position in so far as their plosives are
differentiated by MF closure-voicing characteristics
(average duration, ms: [b]=82, [d]=54, [g]=52).
Furthermore, speakers take an intermediate position
regarding stop closure duration characteristics
typical of RhF informants (see Figures 6, 5).
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Figure 6: Lenis production results for the dialects
regions in France TR-Speakers: Overall average
closure duration / periodicity in the closure (ms) of
lenis productions.

With respect to the stop closure durations of the MF
speakers, results show that overall, their values are
relatively short compared to those other two dialects
(see Figures 4, 5 and 6 for lenis productions).
3.3. Converging and diverging factors in the crossborder dialect areas

3.3.1. Production convergence
The results of the production tests in the MoselleFranconian, the Rhenish-Franconian, and in the
Transitional region dialects clearly show that fortis
and lenis plosives are acoustically differentiated on
the basis of their VOT durations. VOT is the most
salient cue differentiating the language-specific
realizations of fortis ([p, t, k]) and lenis ([b, d, g])
plosives. These findings are well known to be
present in standard German. German belongs to the
group of aspirating languages and contrasts zero to
short lag VOT plosives ([b, d, g]) with their long lag
VOT counterparts ([p, t, k]).
3.3.2. Production divergence
The differentiation on the basis of the stop closure
duration made by the German speakers of RhenishFranconian (lenis closure duration > fortis closure
duration) is absent in the speakers of the same
dialect on the French side of the border, in Lorraine.
But, in contrast to the German speakers, closure
duration does differentiate the fortis-lenis categories
for the Lorraine speakers significantly (see Figures
4, 5 and 6; p < 0.05). However, the very strong
regional and speaker effects are the product of
extremely long values for the RhF and (particularly)
the TR speakers, who regularly paused to give the
test word the emphasis they must have thought it
deserved (see Figures 4, 5, and 6).
On the other hand, closure voicing (periodicity) and
short stop closure durations, characteristics of
Lorrainese Moselle-Franconian speakers were found
to be missing in the German speakers of this dialect.
Closure voicing makes a very strong contribution to
fortis-lenis differentiation in Lorraine, and there is
also a systematic regional effect, with the RhF
speakers not exploiting the voicing (see Figure 5).
4. DISCUSSION
In this study, a production analysis of the fortis-lenis
opposition in initial plosives from 4 German and 6
germanophone Lorraine dialect communities is
presented to describe the phonetic basis of the
plosives. The motivation of the study lies in the fact
that different transcription systems have traditionally
been in use in the literature on Moselle-Franconian,
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Rhenish-Franconian as well as on Transitional
region dialects. These dialects are spoken on the
French and the German side of the French-German
border.
For the German dialect areas as well as for the
French dialect areas, the common acoustical
difference between the two plosive series for all
speakers was found to lie in the duration of the VOT
(see Figures 1 and 3). Against this production
convergence other results for the Saarland/Palatinate
speakers are not corresponding to the Lorraine
speakers. Thus, a considerable difference can be
found for the German RhF speakers. Their “lenis”
closures are systematically longer than their “fortis”
closures. (see Figure 2). This production behaviour
is in contradiction with that known to be presented
in standard German. Additionally, closure durations
and closure voicing are also systematically different
across the two dialect regions (RhF and MF) and the
regional groups differ in the way they employ these
parameters for the fortis-lenis distinction.
In contrast to the German speakers, closure duration
does differentiate the fortis-lenis categories for the
Lorraine speakers as well as closure voicing makes a
strong contribution to this differentiation in the
Lorraine dialect communities (see Figures 4, 5, and
6).
These different production results shown in the
study for the German and French speakers justify the
use of the existing different cross-border
transcription systems in the literature.
The production differences between the regions and
between Germany and France were sufficient to
hypothesize some differences in perceptual
strategies. A perception experiment should clarify
whether there was any difference in the way
listeners from each of the communities process the
properties known to influence the impression of
fortis and lenis plosives.
5. CONCLUSION
The frequent different use of word-initial [p, t, k]
and [b, d, g] in phonetic-phonological descriptions of
MF-, RhF-and/or TR-dialects on both sides of the
French-German border raises the question of the
phonetic basis of this fortis-lenis opposition. Using
two cross-border dialects of shared origin, the
present study clearly shows that the audibly derived
transcription conventions can be confirmed by
instrumentally obtained production data. The results
indicate systematic production differences which
could underlie the divergent symbolic representations. Future work should be undertaken to test
whether these production differences also reflect
differing perceptual prototypes.
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ABSTRACT
The present study investigated the extent to which
lexical factors, e.g. lexical status and competition,
affect phonetic realization of phonological structure,
by examining the singleton-geminate contrast in
Japanese. Stimuli were two- and three-mora minimal
pairs contrasting in singleton vs. geminate stops, half
of which were real words, e.g. /kako/, while the other
half were similar-sounding nonwords, e.g. */nako/.
Furthermore, half of the items had a lexical
competitor contrasting in quantity, e.g. /kako//kakko/, while the other half did not, e.g. /tako/*/takko/. Thirty-two native Japanese speakers read
the target items interspersed with filler items. Results
revealed that the vowel preceding the singleton or
geminate stop was shorter for real words than for
nonwords. However, no significant effect of lexical
competition was found. These results suggest that
phonetic realization of words is affected by some
lexical factors even in a non-stress-based language
such as Japanese.
Keywords: Singleton-geminate contrast, lexical
competition, word frequency, Japanese
1. INTRODUCTION
1.1. Lexical effects on phonetic realization

One major question in phonetics research concerns
the degree to which different levels of linguistic
structure affect how spoken language is produced and
perceived. It has been shown that lexical factors, i.e.
knowledge about the words in the mental lexicon,
affect not just the perception of spoken language but
also its production.
One lexical factor that has been extensively
investigated is lexical competition, i.e. the presence
of lexical neighbors that are phonologically similar,
e.g. pit vs. bit. Previous studies have demonstrated
that words with lexical competitors are hyperarticulated, i.e. produced with enhanced phonetic
attributes.
For example, words with many
phonological neighbors are produced with a more
expanded vowel space than words with fewer
neighbors [13,15]. Similarly, the voicing contrast in
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word-initial position, as phonetically implemented by
VOT, is enhanced when a voicing minimal-pair
competitor exists [2,6,8].
Another lexical factor that has received wide
attention is word familiarity or frequency, i.e. how
often the word appears in ordinary language usage.
Studies have shown that high-frequency words are
more hypo-articulated, i.e. phonetically reduced, than
low-frequency words. For example, word-final /t/
and /d/ in English words are reduced more often in
high-frequency words than in low-frequency words
[4]. Likewise, vowels are reduced more in highfrequency words, e.g. astronomy, nursery, than in
low-frequency words, e.g. gastronomy, cursory [5,7].
Most of these previous studies on lexical effects
have been conducted with stress-accent languages
such as English. However, it is not immediately clear
whether similar effects would be observed in nonstress-accent languages as well, such as Japanese, in
which phonetic dimensions such as VOT and vowel
space may not function in a similar manner as they do
in stress-based languages.
A previous study [11] examined whether the
lexical effects on VOT found in English [2,8] would
be observed in Japanese, using the Corpus of
Spontaneous Japanese (CSJ) [12]. Results revealed
that VOT did not vary systematically by whether or
not a voicing minimal pair existed. However,
duration of the following vowel was significantly
longer when a voicing minimal pair existed than
when it did not, suggesting a slower, more careful
articulation in the presence of a competitor.
1.2. Singleton-geminate contrast

The present study focuses on the singleton-geminate
contrast in Japanese, and investigates whether lexical
factors influence the phonetic realization of the
quantity contrast.
Japanese words can be distinguished by consonant
quantity, i.e. whether a consonant is singleton or
geminate, e.g. /kako/ “past” vs. /kakko/ “parentheses.”
Geminates count as an extra mora, a basic rhythmic
unit in Japanese, so /ka.ko/ and /ka.k.ko/ are 2- and 3mora words, respectively. The primary acoustic
correlate of the distinction for stops is the duration of
the stop closure, with geminates having substantially

longer closure duration than singletons. Closure
duration varies substantially as a function of speaking
rate, but closure-to-word-duration ratio, which
divides the closure duration by the total word duration,
has been shown to reliably classify between singleton
and geminate words even in the face of speaking rate
variation [9]. In addition to closure duration, there
are other secondary cues to the distinction, including
duration of the preceding and following vowels, as
well as fundamental frequency and intensity
differences between the surrounding vowels [10].
The effect of lexical neighbors on the singletongeminate contrast in Japanese has been investigated
using the CSJ relational database [14]. Results
showed that the distinction is enhanced when the
singleton and geminate words form a minimal pair
than when they do not. However, the effect of word
frequency on the singleton-geminate contrast has not
been closely examined.
The purpose of the present study is to investigate
the degree to which phonetic realization of the
singleton-geminate contrast is influenced by lexical
factors, by way of a controlled speech production
experiment. Two factors are examined: (1) lexical
competition, i.e. the presence vs. absence of minimalpair competitors, and (2) lexical status, i.e. whether a
word is a real word or a nonword. Two hypotheses
are tested. (1) The singleton-geminate contrast is
phonetically enhanced in the presence of a minimalpair competitor. (2) The singleton-geminate contrast
is phonetically reduced for real words compared to
nonwords.

*/haki/ vs. /hakki/ “exertion, demonstration.” This
design enabled orthogonal manipulation of two
factors, lexical status (real word vs. nonword), and
competition (with vs. without a minimal-pair
competitor). The real words had word familiarity
ratings between 4.4 and 6.4 on a 7-point scale from 1
(not familiar at all) to 7 (highly familiar) [1], so they
were reasonably familiar to native speakers.
Table 1: Quadruplets of minimal pairs used in the
experiment. Each pair consisted of either real
words or nonwords. Following each word, (y)
indicates that the word has a real-word minimal-pair
competitor contrasting in quantity, and (n) indicates
that it does not have such a competitor.

singleton
real word
nonword
/kaki/ (y)
/raki/ (n)
/taki/ (n)
/haki/ (y)

geminate
real word
nonword
/kakki/ (y)
/rakki/ (n)
/takki/ (y)
/hakki/ (n)

Two sets of quadruplets were prepared for the
experiment, one set consisting of unaccented items as
shown in Table 1, and another set consisting of
initially accented items, for a total of 16 target items.
Other items of 2-3 moras in length, which were not
analyzed in the present study, were included as filler
items. The minimal pairs were split into separate lists
so that each participant read only one member of each
minimal pair.
2.3. Procedure

2. METHODS
2.1. Participants

Participants were 32 native Japanese-speaking
college students (16 females and males each) with an
age range of 20~22.
2.2. Materials

The experimental design followed that of Celata et al.
[6].
The target stimuli were organized into
quadruplets of minimal pairs (see Table 1). Each
minimal pair consisted of Japanese words of 2-3
moras in length that contrasted in singleton /k/ vs.
geminate /kk/.
All words were of the form
/C1V1C2V2/ where C2 was either /k/ or /kk/. The first
pair consisted of two real words, e.g. /kaki/
“persimmon” vs. /kakki/ “vitality.” The second pair
consisted of two similar-sounding nonwords, e.g.
*/raki/ vs. */rakki/. The third and fourth minimal
pairs consisted of one real word and one nonword, in
which either the singleton or geminate member was a
real word, e.g. /taki/ “waterfall” vs. */takki/ and
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The experiment was divided into two blocks. In each
block, participants first practiced reading aloud words
with one of the two accent types, using ten real
Japanese words of 2-3 moras in length that were
different from the test items. This was to ensure that
speakers would read aloud all real words and
nonwords in the block using the prescribed accent
type.
Immediately following the practice,
participants read aloud 32 test items, consisting of
four target items repeated twice along with 24 filler
items, presented in a pseudo-randomized order. After
completing the first block, participants moved on to
the second block, in which they read aloud practice
and test items with the other accent type. Presentation
order of the test items and the accented/unaccented
blocks were counter-balanced across participants.
The items were presented on a laptop computer
screen using PowerPoint slides. Each item was
presented sequentially on a separate slide, in the
center of the slide in hiragana syllabary characters
using a 132-point font. For real words, Chinese kanji
characters were simultaneously presented above the

hiragana in a 40-point font. The slides were advanced
by the experimenter. When a speaker mispronounced
an item, e.g. due to hesitation or wrong accent
placement, it was immediately repeated again.
Recordings were made using a portable recording
device at a sampling rate of 44,100 Hz at 16-bit
resolution. The experiment lasted approximately 1020 minutes for each participant.
2.4. Analysis

The recorded tokens were segmented into acoustic
segments by hand using Praat [3]. The word-initial
consonant (C1) was marked from the start of visible
acoustic energy to the onset of the first vowel. Initial
stops with prevoicing were marked from the start of
prevoicing. Vowels (V1 and V2) were marked from
the start to the end of visible formant structure and
stable phonation. The medial consonant C2 (/k/ and
/kk/) was segmented into two intervals: (1) C2 closure,
marked from the end of the first vowel to the onset of
release burst, and (2) C2 release, marked from the
onset of release burst to the onset of V2. A total of
512 tokens were analyzed (32 speakers * 16 target
items per speaker), with no missing data.
The data were analyzed using linear mixed effects
models, implemented in the lmer and lmerTest
packages in R ver. 3.4.0. Each model contained three
fixed effects: (1) quantity (singleton, geminate), (2)
word status (nonword, real word), and (3)
competition (without competitor, with competitor).
Random effects were added step by step to the model,
and likelihood ratio tests were conducted after each
step to arrive at a best-fitting model that still
converged to a solution. The resulting model
contained by-speaker random intercepts and random

slopes for lexical status, competition, and quantity
and by-word random intercepts. The dependent
variables were the duration of each segment (C1, V1,
C2 closure, C2 release, V2) and of the entire word.
3. RESULTS
Table 2 shows means and standard deviations of the
duration of each segment and of the entire word as a
function of the three independent variables examined:
lexical status, competition, and quantity.
Among the segments in Table 2, C2 closure
duration is most relevant to the singleton-geminate
distinction. A mixed effects model fitted to the C2
closure duration data indicated a significant main
effect of quantity (t = 19.84; p < .001). Not
surprisingly, closure duration was significantly
longer for geminate stops (mean = 0.218s) than for
singleton stops (mean = 0.104s). However, the main
effects of lexical status and competition were not
significant, nor were the interactions among the three
variables.
In addition to C2 closure duration, C2 release
duration was also examined. According to Table 2,
C2 release duration ranged from 0.033s to 0.038s. A
mixed effects model indicated that the main effects of
lexical status, competition, and quantity and the
interactions among these variables were not
statistically significant (p > .05).
Aside from duration of the stop closure, duration
of the preceding and following vowels has also been
claimed to be relevant to the singleton-geminate
distinction. For the preceding vowel (V1), Table 2
shows that means ranged from 0.055s to 0.085s
depending on the condition. A mixed effects model
indicated a significant main effect of lexical status (t

Table 2: Means and standard deviations of the duration of each acoustic segment and of the whole word across all
speakers as a function of lexical status, lexical competition, and quantity. Durations are expressed in seconds.
nonword
without competitor
interval

real word
with competitor

without competitor

with competitor

sing.

gem.

sing.

gem.

sing.

gem.

sing.

gem.

C1

mean
s.d.

0.037
0.012

0.041
0.013

0.054
0.039

0.037
0.013

0.041
0.012

0.056
0.037

0.055
0.013

0.052
0.010

V1

mean
s.d.

0.083
0.020

0.085
0.014

0.065
0.022

0.067
0.016

0.057
0.013

0.071
0.018

0.055
0.016

0.064
0.014

C2
closure

mean
s.d.

0.106
0.019

0.217
0.035

0.105
0.020

0.219
0.025

0.101
0.020

0.215
0.030

0.104
0.019

0.221
0.030

C2
release

mean
s.d.

0.036
0.016

0.036
0.010

0.038
0.011

0.034
0.012

0.037
0.013

0.036
0.013

0.036
0.017

0.033
0.009

V2

mean
s.d.

0.101
0.023

0.094
0.025

0.096
0.021

0.099
0.026

0.099
0.023

0.099
0.023

0.098
0.025

0.095
0.024

mean

0.363

0.473

0.366

0.456

0.336

0.482

0.348

0.465

s.d.

0.053

0.048

0.050

0.053

0.046

0.069

0.055

0.050

word
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= -2.415, p < .05). On average, V1 was significantly
longer for nonwords (0.075s) than for real words
(0.062s). The main effects of competition and
quantity, as well as the interactions among the three
variables, were not significant (p > .05). The
distribution of V1 durations across the eight stimulus
conditions is shown as boxplots in Figure 1.

V1 duration

Figure 1: Boxplots of V1 duration for singleton and
geminate stops as a function of word status and
competition.

For the following vowel (V2), Table 2 indicates
that means ranged from 0.095s to 0.101s, suggesting
that V2 was generally longer but less variable than V1.
A mixed effects model conducted on the V2 duration
data indicated that the main effects of lexical status,
competition, and quantity were not significant, nor
were the interactions among the three variables.
For the sake of completeness, the other intervals
in Table 2 (C1 and word duration) were also analyzed
using mixed effects models. The only significant
effect was the main effect of quantity for word
duration (t = 3.40, p < .05). Target words were
significantly longer on average when they contained
geminate stops (0.469s) than when they contained
singleton stops (0.353s). No other main effects or
interactions were significant.
Since speaking rate varied somewhat across
speakers, further analyses were conducted with
relative measures in which segment duration was
divided or normalized by total word duration. A
mixed effects model was fitted to relative measures
for each of the five intervals in the target word (C1,
V1, C2 closure, C2 release, V2). The only significant
effect was the main effect of quantity for C2-closureto-word-duration ratio (t = 5.60, p < .001). C2closure-to-word-duration ratio was significantly
larger for words with geminate stops (0.467) than for
words with singleton stops (0.298).
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4. DISCUSSION AND CONCLUSION
The present study investigated the extent to which the
phonetic realization of the singleton-geminate stop
contrast in Japanese is influenced by lexical status
and by the presence of minimal-pair competitors, by
analyzing Japanese speakers’ productions of words
that varied orthogonally with respect to two lexical
factors, lexical status (real word vs. nonword) and
competition (with vs. without a minimal-pair
competitor).
Results revealed that V1 duration, i.e. duration of
the vowel preceding the singleton or geminate stop,
was shorter for real words than for nonwords. This
result is consistent with past findings demonstrating
that high-frequency or high-familiarity words in
English tend to have phonetically reduced consonants
and vowels [4,5,7]. However, it is not clear whether
the difference in V1 duration depicted in Figure 1 is a
result of phonetic reduction of real words, phonetic
enhancement of nonwords, or simply more careful
pronunciation of nonwords. Since real words, but not
nonwords, were presented with Chinese kanji
characters in order to disambiguate the identity of the
target words, this difference in stimulus presentation
may have to some extent contributed to the observed
effect of lexical status. This could be circumvented
in future work by presenting both real words and
nonwords in the same way, e.g. with hiragana
syllabary only.
Meanwhile, results from the present study did not
show systematic effects of lexical competition, i.e.
presence of minimal-pair lexical neighbors. This is in
contrast to studies that have found effects of minimalpair competitors in English [2,8,13,15] and in other
languages including Japanese [6,11,14].
This
discrepancy may possibly be due to methodological
differences among the studies. For example, the
present study used controlled lab speech with target
words produced in isolation, while some of the other
studies used speech corpora with target words
produced in continuous speech. Further research is
needed to clarify how these factors affect lexically
induced phonetic variation.
In short, results from the present study suggest the
possibility that some lexical factors such as the lexical
status of words potentially have phonetic
consequences, in a hitherto understudied,
typologically distinct, non-stress-accent language
such as Japanese.
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ABSTRACT
The phonetic status of Croatian affricates /ʧ/ and /ʨ/
is uncertain. Traditionally, affricate /ʧ/ is classified as
postalveolar and /ʨ/ as palatal, but there is no
physiological data to support this classification.
Several studies show that postalveolar and palatal
affricates are being neutralised in modern Standard
Croatian, but the evidence of the neutralisation
process is limited. Motivated by the possible
existence of a sound change and by the relative lack
of articulatory data, our aim was to use ultrasound to
investigate midsagittal tongue contours in Croatian
affricates /ʧ/ and /ʨ/. Nine typically speaking
Croatian participants were included in the study. The
results did not support the traditional classification of
the affricates, but they also did not support the claims
about the complete neutralisation. The analysis
showed that /ʨ/ had higher position of the tongue
blade/dorsum and less variability when compared
with /ʧ/. Speaker specific differences were found and
discussed.
Keywords: affricates, neutralisation, ultrasound
tongue imaging (UTI), Croatian.
1. INTRODUCTION
Previous research showed that affricates /ʧ/ and /ʨ/ as
well as their voiced counterparts /ʤ/ and /ʥ/ might
be undergoing a process of neutralisation or merger
in modern Standard Croatian [13, 14]. Traditionally,
affricates /ʧ/ and /ʤ/ were classified as apical
postalveolars, while /ʨ/ and /ʥ/ as dorsal palatals [3,
6, 12]. However, these classifications were based
mainly on listener judgements with no instrumental
evidence to support these claims. Several relatively
recent perceptual and acoustic studies showed that
increasingly large percentage of Croatian speakers
and listeners failed to produce an audible contrast
and/or identify these two sets of affricates correctly
[13, 14], and in those studies it is claimed that
postalveolar and palatal affricates had been
neutralised or merged completely in modern
Croatian, especially in young speakers from major
urban areas. These claims were somewhat weakened
by the fact that methods and analysis procedures were
not reported [14] or that the procedures applied were
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crude (e.g. one part of the speech material was
obtained by recording speakers reading word lists and
another part was extracted from television and radio
broadcasts) [13]. With limited perceptual and
acoustic evidence and no physiological articulatory
data, this issue of the merger between the postalveolar
and palatal affricates is still unresolved.
The only instrumental physiological study on the
subject used electropalatography (EPG) [7] and
showed that the difference in the place of articulation
between the so called postalveolar and palatal
affricates was not statistically significant, but that
listeners identified these affricates successfully in
86% of the cases. Further analysis showed that one of
the differences between the two affricates was in the
amount of tongue-to-palate contact at the place of
articulation, i.e. /ʨ/ and /ʥ/ had significantly more
tongue-to-palate contact at the place of articulation
than /ʧ/ and /ʤ/. The evidence from the EPG study
seemed to suggest that these affricates were not
completely neutralised, but that the process of near
merger (incomplete neutralisation) [1, 5] might be
taking place. The difference in the amount of contact
was interpreted as an indication of the difference in
tongue shape (apical vs. laminal). However, this
could not be confirmed based on the EPG analysis
alone, because EPG did not provide data on tongue
shape and position. Physiological techniques such as
ultrasound tongue imaging (UTI) or electromagnetic
articulography (EMA) would perform much better at
analysing tongue shapes and positions during speech.
In order to further investigate this issue and to
check whether these affricates are completely merged
or not, it is our aim to analyse articulatory and
coarticulatory characteristics of Croatian affricates /ʧ/
and /ʨ/ using UTI in quasi-spontaneous speech. UTI
will enable us to investigate midsagittal tongue
contours during affricate productions and potentially
to fill the gaps that exist in studies using techniques
such as EPG [16]. A sample of quasi-spontaneous
speech provides an opportunity to analyse these
affricates in a more natural communicative situation
than reading sentence lists. Therefore, there are two
main research questions in the present study: 1. Do
these affricates differ in their midsagittal tongue
configuration? and 2. Do these affricates differ in
their coarticulatory variability and resistance?

probe was stabilised in the headset and fitted so that
shadows of the hyoid bone and lower jaw were visible
for all speakers.

2. METHOD
2.1. Participants and speech material

Speech material was extracted from the CROCO
corpus [4]. Nine speakers (five female: S2, S3, S7,
S8, S9; four male: S1, S5, S6) of Standard Croatian
with no speech and hearing impairments were
included in this investigation, ranging in age between
21 and 24 (mean 22.4). Their speech was rated by five
trained phoneticians and those nine speakers received
the best scores for speech sound production and
overall speech intelligibility among 105 candidates.
The average score for affricate productions on the
scale from 1 (poor) to 7 (excellent) for these 9
speakers was 6.2. Speakers were originally from
different parts of North-Western Croatia but they had
lived in Zagreb at least two years prior to recording.
Speech material was obtained through a dialogue
situation, whereby each speaker was asked to
describe the path through a maze and read signs at 15
check-points marked throughout the path (Fig 1).
They had to explain to the experimenter where each
sign was placed at the map, because the experimenter
had the same map, but signs were not marked. The
goal was to explain to the experimenter where to draw
each sign. Each sign contained a two-syllable
C1VC2V word, where C2 was either /ʧ/ or /ʨ/ and V
was one of the corner vowels of the Standard Croatian
(/i, a, u/) (e.g. “miči”, /miʧi/, English translation:
move). Each speaker repeated each affricate four
times.
Figure 1: An illustration of the map description
exercise for the elicitation of the quasi-spontaneous
speech in this investigation.

2.2. Instrumentation

UTI and acoustic data were recorded simultaneously
using Micro ultrasound system for speech research
with a convex ultrasound transducer and Ultrasound
Stabilisation Headset developed by Articulate
Instruments Ltd. UTI frame rate was 90 Hz and
acoustic signal frame rate was 44100 HZ. Ultrasound

3667

2.3. Data preparation and annotation

Data recording, annotation and data analysis were
done in the Articulate Assistant Advanced (AAA)
software [2]. Tongue curves were traced
automatically with manual correction. Affricates
were annotated according to acoustic signal. The
beginning of the affricate was the point where F2 of
the previous vowel stopped and the silence of the
affricate occlusion started. The end of the affricate
was marked at the point where frication noise ended
and the laryngeal vibrations of the following vowel
started. Data for each affricate were calculated at one
third of the annotation duration in order to capture the
data during the occlusion phase. The occlusion phase
and the frication phase in Croatian affricates are
always homorganic [3].
2.4. Data analysis

Raw data for tongue splines of each affricate
averaged for each speaker (mean and standard
deviation (SD)) were exported for subsequent
analysis and visualisation. The AAA software uses a
fan grid with 42 equally spaced axes (Fig 2) and each
tongue spline is defined by a crossing point at each
axis. Splines for each affricate and each speaker were
plotted in the AAA software for visual inspection of
the data. Differences between the two affricates for
each speaker were calculated by subtracting the
tongue spline for /ʨ/ from the tongue spline for /ʧ/
resulting in the “zero” line and the difference [2]. The
difference was also visualized by Spline Workspace
tool available in the AAA software [2], where the size
of the vertical bars along the spline indicated the
amount of the difference between the affricates.
Thick dark vertical bars indicated statistically
significant areas of difference at the confidence level
of 95% (Fig 3). The AAA uses a 2-tailed t-test
assuming unequal variances and unequal sample sizes
and applies the Welch-Satterthwaite equation [2].
Vertical bar positioned below the zero line indicates
that the tongue spline in /ʨ/ was higher than in /ʧ/ at
that particular fan axis, while vertical bars above the
“zero” spline show areas where tongue spline in /ʧ/
was higher than in /ʨ/. Average variability (v) of each
affricate was calculated by averaging standard
deviations at each crossing point at each axis. The
difference in variability between the two affricates
was calculated using Repeated Measures ANOVA in
SPSS software. Speakers were experimental units,
while affricate type and vowel context were factors
varying within each speaker (repeated measures).

Figure 2: An illustration of 42 axes overlaid over
the ultrasound image of the tongue in S3. Tongue
tip is oriented to the right in all figures.

between these two affricates do not follow the same
trend (e.g. S1 vs S3, S4, S6, S7, S8). Speaker S1
produces /ʨ/ with the tip/lamina raised when
compared with /ʧ/, while speakers S3, S4, S6, S7 and
S8 produce /ʨ/ with the front of the tongue raised and
bunched more forward, while the tip is lowered. It is
worth keeping in mind that the tongue tip and the
tongue root can often be obscured by the acoustic
shadows from the lower jaw and the hyoid bone on
the ultrasound image [15, 16, 17], so the tongue tip in
S1 might be advanced and hidden in the acoustic
shadow of the lower jaw.
The analysis of differences between average
splines for /ʨ/ and /ʧ/ (Fig 4) shows that differences
between splines are significant at different sections of
the tongue, but also that there are some consistencies
across speakers. All speakers except S8 show
significantly higher position of the tongue in /ʨ/ in the
area between the initial fan axes on the right and the
middle vertical fan axes. This falls within the area
between the tongue tip and mid-dorsum in most
speakers. Increased difference at the first and the last
fan axes should be ignored due low confidence of the
spline tracking algorithm in those areas of the tongue
(e.g. S2, S3, S6). Some speakers also show more
advanced position of (the back of) the tongue in /ʨ/
when compared with /ʧ/ (e.g. S4, S6, S7, S 8).
The analysis of the tongue shape variability (v) in
different vowel contexts for each affricate shows that
the splines are less variable in the affricate /ʨ/ (mean
v: 2.93, SD 1.04) than /ʧ/ (mean v: 3.36, SD 1.21) and
this difference is statistically significant (F(1,
8)=6.268, p=0.03). This tendency can be observed in
each speaker except in speaker S1, whose /ʨ/ is more
variable than /ʧ/ (Tab 1). The difference in variability
is minimal in S7 (0.01) and it is maximal in S3 (1.1).

Figure 3: Average splines for affricate /ʨ/ (solid
line) and /ʧ/ (dashed line) and the difference
between them in symmetrical vowel context /a/. In
this and all subsequent figures the difference
between the splines is plotted above the average
splines, whereby the vertical bars around the “zero”
spline show areas where the two affricates differ in
their tongue curves. Thick dark vertical bars
indicate areas where the difference is statistically
significant at the confidence level of 95%. Vertical
bars below the “zero” line indicate higher position
of the tongue for /ʨ/. Axes are normalised and
ranging in value from 0 to 1 [2].

Table 1: Average variability (v) of tongue splines
for /ʨ/ and /ʧ/ in each speaker.

3. RESULTS
The results show that the overall tongue shapes for
the two affricates are similar in all speakers (Fig. 4).
However, speaker specific strategies can be observed,
whereby some speakers show virtually no difference
between the two affricates (S2, S5, S9), while
speakers who show differences in the tongue shape
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S1
S2
S3
S4
S5
S6
S7
S8
S9

/ʧ/
3.10
3.21
4.58
2.87
2.52
5.77
1.83
3.85
2.47

/ʨ/
3.73
2.37
3.48
2.34
2.09
5.06
1.82
3.22
2.25

Figure 4: Average tongue splines for the affricate
/ʨ/ (solid line) and the affricate /ʧ/ (dashed line) for
each speaker (S1-S9). The difference between the
affricates is shown above the tongue splines.

4. DISCUSSION
The analysis shows that the tongue shapes in the two
affricates are similar. Inter-speaker differences can be
observed, whereby some speakers produce the two
affricates with nearly identical tongue shapes, while
other speakers produce differences by bunching the
front of the tongue and advancing the tongue body for
/ʨ/ as opposed to /ʧ/. Despite the observed interspeaker differences, almost all speakers show one
common tendency revealed by the analysis of tongue
spline differences - consistently and significantly
higher position of the tongue blade/dorsum in /ʨ/
when compared with /ʧ/ (as observed in S1, S3, S4,
S5, S6, S7 and to some degree S2 and S9). This result
does not support the claim that these two affricates
are completely neutralised [13, 14], but it also does
not completely support the claim that /ʨ/ is dorsal
palatal as opposed to apical postalveolar /ʧ/ [3, 6, 12].
The results from this study are compatible with the
results from the EPG study on these two affricates [7],
which showed that /ʨ/ and /ʥ/ covered more than one
place of articulation (alveolar and (pre)palatal) due to
their increased amount of EPG contact when
compared with /ʧ/ and /ʤ/. Speech sounds produced
with “a simultaneous closure or constriction at the
alveolar and palatal zones with a primary articulator
which encompasses the blade and the tongue dorsum”
are often referred to as alveolopalatals [11].
Alveolopalatals are also characterised by
increased coarticulatory resistance as opposed to
(post)alveolars, because of the higher articulatory
demands placed on the tongue dorsum [8, 9]. The
results of the coarticulatory effects of the three corner
vowels on the tongue splines for /ʧ/ compared to /ʨ/
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are statistically significant and consistent. In all
speakers except in S1 /ʨ/ is more resistant to
coarticulatory effects (i.e. less variable) than /ʧ/. A
relatively high and bunched front of the tongue in /ʨ/
seems to constrain the tongue dorsum more than the
tongue configuration in /ʧ/, which is flatter in the
front section of the tongue in most speakers. This is
consistent with the DAC model of coarticulation
which states that increased tongue dorsum constraint
causes speech sounds and articulatory gestures to be
more resistant to coarticulation (i.e. less variable)
[10].
Based on the data presented in this investigation it
can be concluded that affricates /ʨ/ and /ʧ/ are not
completely neutralised. Based on the finding that
some speakers produce these affricates with almost
identical tongue contours, it is reasonable to conclude
that the process of neutralisation might be in progress.
However, the difference between the two affricates is
still consistently found in a more bunched and
coarticulatorily resistant tongue gesture for /ʨ/. It
should be noted that this sample of speakers was
selected based on their intelligibility of speech.
The results presented here should be considered
with the limitations of the study in mind. The number
of speakers is small and data were calculated at a
single point during the affricate. Larger samples and
the analysis of the articulatory and coarticulatory
dynamics could reveal individual speaker strategies
and coarticulatory patterns more clearly.
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ABSTRACT
The study investigates rearticulated affricate
geminates in Polish. Polish has voiceless affricates
with three different places of articulation, all of which
undergo gemination. Twenty-three native speakers of
Polish produced words with intervocalic affricate
geminates in two sentence positions. Rearticulation
occurred in 76.5% of the productions. Durational
measurements revealed that the first affricate had a
significantly longer closure phase and a shorter
frication release than the rearticulated affricate. The
frication release in the second consonant tended to
have higher maximum and mean intensity, however
the difference was not significant. These results are
interpreted to reflect bidirectional alignment of the
two articulations to two different syllables.
Keywords: geminates, affricates, duration, Polish
1. INTRODUCTION
Most of the research on geminates in the world’s
languages has concentrated on single-articulated
geminates [most recently see 1, 3, 7, 10], because
single-articulation appears to be a dominant
realization type in geminate production. As a result,
geminates are frequently referred to as long sounds
[8] that are created from the uninterrupted succession
of two identical short consonants [5]. Less attention
has been paid to rearticulated geminates. If, as in the
case of single-articulated geminates, rearticulated
geminates (also referred to as double-articulated) are
sequences of two identical short consonants, we
should observe identical durational parameters of the
occlusion and frication component in affricate
geminates. However, this scenario becomes
complicated if prosodic factors are taken into
account. According to Lehiste et al. [9] intervocalic
rearticulated geminates belong to separate syllables in
that the first articulation closes a syllable and the
second articulation starts the next syllable. If this is
the case, we should observe differences in durational
properties between the two articulations, because
prosodic boundaries have been shown to affect
segment durations [4, 15; for Polish see 11, 12].
Moreover, previous studies have shown that syllable3671

initial segments exhibit higher articulatory strength
than syllable-final segments [6]. Accordingly, if the
two affricates are separated by a word boundary, we
should see higher intensity of the release into frication
in the second rather than the first articulation.
Polish consonantal inventory includes three
categories of affricates: alveolar /ts/, retroflex /tʂ/ and
palatal /tɕ/. All these three affricates may create
phonological word-internal geminates that will form
lexical minimal pairs with phonological singletons in
words such as świeccy /ɕfjɛtstsɨ/ ‘laymen’ vs. świecy
/ɕfjɛtsɨ/ ‘candle’ (Gen.), uczczą /utʂtʂõ/ ‘they will
celebrate’ vs. uczą /utʂõ/ ‘they teach’, jedźcie /jɛtɕtɕɛ/
‘travel’ (Imp.) vs. jecie /jetɕɛ/ ‘you eat’. Previous
research has shown that Polish affricate geminates
may have two patterns of realization: they may be
single-articulated by lengthening the occlusion phase
with one final fricative component or they may be
rearticulated with two short occlusions. The actual
choice of articulation type appears to be largely
speaker-dependent. Thurgood [13] tested the
production of two geminates /ts/ and /dz/ in a
repetition task. The results showed that 63% of the
speakers were consistent in producing either singlearticulated /t:s/ or rearticulated /tsts/. 37% of the
speakers produced both /t:s/ and /tsts/. Geminates
with voiced /dz/ were rearticulated 59% of the time.
In a follow-up study, Thurgood and Demenko [14]
employed a reading task with geminates including all
three voiceless affricates /ts/, /tʂ/ and /tɕ/.
Rearticulation occurred in 69% of the productions.
Rearticulated geminates were significantly longer
than single-articulated geminates in the case of /tʂ/
and /tɕ/ but not for /ts/. There was also observable
between-speaker variation in the choice of
articulation type. Some speakers tended to
rearticulate most of the time, while others tended to
single-articulate, however all speakers used both
types of articulation. In their analysis, the authors
largely concentrated on single-articulated geminates
even though they were less frequent than rearticulated
geminates. The ratio of singletons to singlearticulated geminates was 1:1.7. Two types of singlearticulated geminates were separated: those produced
with increased durations of closure (/t:s/, /t:ʂ/, /t:ɕ/)
and those produced with increased durations of a

fricative component (/ts:/, /tʂ:/, /tɕ:/). Out of the
collected 32 single-articulated geminates, 56% were
produced with increased closure and 44% were
produced with increased friction.
2. THE CURRENT STUDY
In this study we investigate rearticulated affricate
geminates to find if the two articulations are different
in terms of:
1. duration of the occlusion phase
2. duration of the release into frication
3. intensity of the release into frication

The participants were asked to read the test sentences
using their natural speech tempo. They were
instructed to repeat a sentence in the case of any
disfluencies. The recordings took place in a soundproof booth at the Acoustic-Phonetic Laboratory,
University of Silesia. The signal was captured at
44100 Hz using a headset dynamic microphone
Sennheiser HMD 26 fed by a USBPre2 (Sound
Devices) amplifier. The microphone was positioned
approximately 5 cm from the speaker’s mouth.
2.4. Measurement criteria

We predict to find differences in some or all of
these parameters, because, as discussed earlier, the
two articulations are assumed to be governed by
different positions in a syllable. In sum, a
rearticulated geminate is not expected to be a mere
sequence of the same sounds.
2.1. Participants

Twenty-three native speakers of Polish participated in
the study. All of them were born and residing in
Poland. There were 17 females and 6 males, ranging
in age from 20 to 27 years (M = 21,6). None of the
speakers reported any speech or hearing disorders nor
had any indication of such.
2.2. Materials

The stimuli were the abovementioned three minimal
pairs exhibiting the singleton-geminate contrast in
Polish voiceless affricates, i.e.:
świeccy /ɕfjɛtstsɨ/ vs. świecy /ɕfjɛtsɨ/
uczczą /utʂtʂõ/ vs. uczą /utʂõ/
jedźcie /jɛtɕtɕɛ/ vs. jecie /jɛtɕɛ/
All these items represent the most frequent
trochaic word structure with the tested consonants in
an intervocalic, post-stress position. They were
placed in carrier sentences in two accented positions:
initial (theme) and final (rheme). Each element of a
contrastive pair appeared in a rhythmically identical
context, including the equal number of syllables and
identical lexical stress distribution, in order to ensure
comparable
prominence
conditions.
The
corresponding Polish voiced affricates were not
included in the study because they rarely form withinword geminates and there exist no minimal pairs
where the singleton-geminate contrast could be
analysed. In this study, we focus on the realization of
geminates alone, without investigating the two
accented positions separately.
2.3. Procedure and recording
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The rearticulated geminates were annotated using
textgrids in Praat [2] from waveform and spectrogram
using standard segmentation criteria. The closure
phase of the first affricate was marked by the end of
a preceding vowel indicated by cessation of formant
structure and drop in intensity. The following release
was delimited from an abrupt rise in energy of a
fricative portion to the drop in energy for the closure
of the second affricate. The closure of the second
affricate was delimited from an offset of preceding
frication to an onset of the following frication
indicated by rises and falls of high-frequency energy.
The offset of the release of the second affricate was
marked by a rise in intensity and the onset of the
formant structure of a following vowel. It must be
noted that many rearticulated productions were
characterised by incomplete closures with a certain
degree of frication, especially in the second affricate.
They were visible in both waveform and spectrogram
as weak fricative components between the first and
second release. However, even in these cases closures
could be determined by observing drops and rises in
frication intensity. Figure 1 shows segmentation of
the production with complete closures and Figure 2
shows segmentation of the productions with
incomplete closures.
Figure 1: Segmentation of a rearticulated geminate
with complete closures in the word jedźcie /jɛtɕtɕɛ/.

Figure 2: Segmentation of a rearticulated geminate
with incomplete closures in the word jedźcie /jɛtɕtɕɛ/.

affricate (Hold1 and Rel1) and its rearticulation
(Hold2 and Rel2).
Figure3: Mean durations with SE and ranges of the
closure and release of the first (Hold1 and Rel1) and
second (Hold2 and Rel2) articulation.

Mean and maximum intensity values were
measured for the first and second release in the range
between 20 and 100 dB using mean energy as the
averaging method. For the first release, intensity was
measured from the whole frication portion. In the
second release, in order to make the two releases
comparable, it was decided to measure intensity to the
beginning of a robust rise in energy near the frication
offset that clearly resulted from the following vowel.
3. ANALYSIS AND RESULTS
Out of the total 138 recorded geminates (23 speakers
x 3 consonants x 2 repetitions) 2 productions were
discarded because of incorrect articulation.
Rearticulation was observed in 104 cases (76%) and
the remaining 32 productions (24%) were singlearticulated. The single-articulated productions had a
mean of 108 ms (SE = 7.36) for closure duration and
82 ms (SE = 5.25) for release duration. There was
observable between-speaker variation in articulation
type. The speaker-individual range of rearticulation
was from 17% (1/6) to 100% (6/6).
Altogether, a total of 104 rearticulated tokens were
subject to further analyses. The tested parameters
were analysed using Mixed Model ANOVA with
speaker and word as random effects and consonant
portion (Hold1, Rel1, Hold2, Rel2 for duration; Rel1,
Rel2 for intensity) as a fixed effect. This model
estimates the variance of random factors by
constructing sums of squares and cross products
matrix for independent variables by using
Satterthwaite’s method of denominator synthesis.
The dependent variables were duration and intensity.

The closure duration of the first articulation (M =
34; SE = 1.35) was significantly shorter than the
closure duration of the rearticulation (M = 44; SE =
1.51) [F(1, 2.43) = 13.73, p = .048]. The opposite
pattern was observed for the release into frication.
The first articulation had a significantly longer release
(M = 82; SE = 1.85) than the rearticulation (M = 52;
SE = 2.24) [F(1, 7,75) = 238.65, p < .001]. These
results clearly point to the asymmetry between the
first and second articulation. Moreover, the
interaction between articulation (first vs. second) and
the consonant component (hold vs. release) was
highly significant [F(1, 39.48) = 158.49, p<.001],
which shows a uniform pattern in which the first
articulations are characterised by shorter occlusions
and longer releases and rearticulations are
characterised by longer occlusions and shorter
releases.
3.2. Intensity

Intensity measurements did not reveal any significant
differences between the first and the second release
into frication. Table 1 shows the means and standard
deviations of maximum and mean intensity in the first
(Rel1) and rearticulated affricate (Rel2).
Table 1: Means and standard deviations of maximum
and mean intensity of the first (Rel1) and second (Rel2)
release.

3.1. Duration

Durational measurements showed that the two
articulations differed in temporal organisation of the
closure and release into frication. Figure 3 presents
mean durations of the closure and release of the first
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Rel1
Rel2

Max Intensity
M
SD
45.4
7.6
47.0
7.2

Mean Intensity
M
SD
43.2
7.6
45.3
7.3

Maximum intensity was not statistically different
between the first (M = 45.4; SE = 0.8) and the second
release (M = 47.0; SE = 0.7) [F(1, 2.94) = 2.63,
p=.21]. Similarly, no significant difference was found
for mean intensity between the first (M = 43.2; SE =
0.8) and the second release (M = 45.3; SE = 0.7) [F(1,
2.63) = 4.72, p = .13].
4. DISCUSSION
The current results show that rearticulated affricate
geminates in Polish differ significantly in their
durational make-up. The first articulation was
characterised by a shorter occlusion and longer
frication release. The second articulation had a longer
occlusion and shorter release. The differences in
release durations were not accompanied by
significant changes in intensity, which may indicate
that the two articulations differ solely in temporal
organization.
As discussed in the Introduction, the fact that the
two articulations differ in duration of their occlusion
and release components may stem from their nonidentical position in a syllable in that the first
articulation may be (but does not have to be, as argued
later) aligned to a coda position of the first syllable
and the rearticulation to an onset position of the
second syllable. However, an assumption that
rearticulated geminates are necessarily divided by
syllable boundary is not straightforward, at least in
the case of Polish. Polish allows affricate geminates
in syllable onsets, e.g. in the words czczy /tʂtʂɨ/ ‘idle’
or dżdżysty /dɀdɀɨstɨ/ ‘rainy’. Accordingly, in uczczą
/utʂtʂõ/, we may have two potential syllabification
patterns: /utʂ.tʂõ/ and /u.tʂtʂõ/. At present, we are not
aware of any studies that would attempt to connect
the individual strategies of syllabification with
phonetic properties of geminate production, so we
suggest that future studies should take up this issue
more thoroughly.
Another interpretation of the current results,
which is independent of syllable alignment, is that
geminate rearticulation is a weakened repetition of
the first articulation. This claim is supported by a
significantly longer frication release and a more
complete closure in the first articulation. In other
words, the first articulation is intended by a speaker
to provide important place-of-articulation cues to
listeners and rearticulation is only a geminate marker.
This strategy is contrary to single-articulation of
geminates, where place cues are delayed onto the
final release. As shown in the Measurement criteria,
rearticulations were frequently characterised by
inclomplete closures with leaking frication,
indicating that speakers invested less articulatory
force in the second consonant. However, more studies
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on rearticulated geminates from other languages are
needed in order to establish if this pattern is specific
to Polish, or if it is shaped by other factors such as
speaking style or individual speaker variability.
6. CONCLUSIONS
The current results on rearticulated affricate
geminates showed that:
1. The first articulation is characterised by
shorter closure and longer release into
frication
2. There are no significant differences in
intensity of frication between the first
articulation and rearticulation
3. Rearticulations tend to have incomplete
closures with leaking frication.
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ABSTRACT

several typological studies correlating the ecological environment and phonetic inventories have been
published [11, 5]. In this study we examine the
stop production in Italian speakers from South Tyrol, a province in northern Italy. Italian is known as
a true voicing language, in which vocal fold vibration is sustained during voiced stops in contrast to
languages where the phonological voicing contrast
is phonetically realized by difference in voice onset
time after the burst. Furthermore, stops in Italian can
be realized as singletons or geminates; thus duration is phonological. To maintain voicing, a pressure
drop across the vocal folds is required [23]. Therefore, speakers might expand the size of the cavity
between the oral closure and the larynx by lowering
the larynx, fronting the place of the closure, lowering the jaw or relaxing the cheek [9]. Assuming
that phonation in general becomes more difficult at
cold temperatures, we hypothesize that voicing for
geminate stops is also more difficult to maintain. In
addition, bilabials might pattern differently than velars or alveolars, because the articulators involved in
their production are more exposed to ambient temperature. In this paper we limit the analysis to acoustic duration of stop closure, release duration and
preceding vowel, focussing on whether voiced segments and bilabials are particularly affected by cold
ambient temperature. The main correlate of the Italian singleton/geminate contrast is consonant duration. While consonant duration differs for different
stop categories, the quantity contrast is also affected
by different prosodic factors [4, 12]. Additionally,
the preceding vowel duration has been found to be
shorter when the consonant is a geminate compared
to when it is a singleton [4]. Descriptive literature on
Italian claims that stop consonants in Italian are generally unaspirated. While some studies measured the
consonant duration as including also aspiration [12],
in those studies that measured aspiration separately
it was affected by consonant category, vowel context
and speakers’ origin [4, 18]. According to descriptive sources, the quantity contrast is less salient in
northern varieties due to degemination of long consonants [2, 22]. While South Tyrol lies in northern
Italy, the variety of Standard Italian spoken in the re-

Italian is subject to regional variation in the phonetic realization of phonological features [2]. This
study examines the duration of the phonemic quantity and voicing contrast of Italian stop consonants
produced by speakers from South Tyrol. Speakers were recorded once in a soundproof booth and
once in a cold chamber to additionally test whether
speech patterns were affected by cold temperature.
This allows us to test the stability of patterns observed and to investigate whether temperature has a
systematic effect on speech as is the case for speech
under other kinds of stress. The main correlates
of the singleton/geminate contrast were stop closure
and preceding vowel duration, in line with previous
studies on Standard Italian [4]. Release duration was
longer for velar consonants compared to apical and
bilabial stops, consistent with results reported for
voiceless geminates [18]. No systematic temperature effect was observed.
Keywords: geminates, Italian, acoustic duration,
temperature, environmental effects
1. INTRODUCTION
The aim of this study is to investigate whether
phonological contrasts remain stable at cold temperatures. Stress factors such as loud background
noise, emotion or fatigue affect different parameters of speech production, including pitch, duration,
voice quality and formant values [6, 16]. Cold ambient temperature might be expected to induce stress
not only on the emotional but also on the physical
level. It is known to lead to muscle rigidity [20],
which might affect lip and jaw movement during
speech production. Low temperature is generally
believed to affect vocal fold function which might
lead to vocal injury, for example of singers performing outdoors. However, empirical studies are limited
to measurements of phonation threshold pressure
and perceived phonatory effort [14]. Although the
immediate effect of ambient temperature on speech
production has to our knowledge not been studied,
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gion is said to be less regionally marked and more
standard-like [21]. However, acoustic and articulatory studies of Italian spoken in South Tyrol are
scarce and to our knowledge the durational properties of stop consonants and the singleton/geminate
contrast have not been studied yet.
The main aim of this study is to assess whether
durational contrasts are maintained in different temperature conditions, but it will also provide new data
on geminate production by Italian speakers from
South Tyrol.

Table 1: Numbers of tokens analyzed.
voiceless singleton
cold
warm
alveolar
bilabial
velar

21
23
22

geminate
cold
warm

23
24
24

22
23
23

voiced singleton
cold
warm

24
24
24

21
24
23

geminate
cold
warm

24
24
24

21
24
19

24
24
20

ING (voiced, voiceless), PLACE of articulation (bilabial, alveolar, velar) and TEMPERATURE (warm,
cold) as fixed factors and SPEAKER (with bySPEAKER intercept and slope for QUANTITY , VOIC ING , PLACE and TEMPERATURE ), REPETITION and
ITEM as random factors. The significance of each
effect was retrieved from the ANOVA type III table
and p-values were calculated using Satterthwaite’s
method of approximation. We considered an effect
to be significant when p < 0.05. Estimate means calculations and post-hoc Tukey-tests were carried out
using the emmeans-package [10].

2. METHODS
Speech of three female Italian speakers from South
Tyrol was analyzed. Each subject was recorded
first in a soundproof booth (warm condition, 24°C 29°C) and on a separate day in a cold chamber (cold
condition, 2°C - 4°C). Simultaneous recordings using electroglottography and ultrasound were carried
out, but this data has not been examined yet. Participants read sentences as they were presented on
a screen one at a time. The target consonants were
singleton and geminate bilabial, alveolar and velar
stops contrasting in voicing. Target words were real
words in which the target consonant appeared in one
of two vocalic contexts: always preceded by lexically stressed /a/, but in one case followed by /a/
and in the other followed by /i/. Target words were
presented in two sets of more or less meaningful
carrier sentences, but in this paper we will analyze
only those in which the target word was the leftdislocated object as in:
I dati non li ho raccolti io.
(The data, I have not collected it.)
Within each session each sentence was repeated four
times. Reading mistakes and tokens with loud background noise were removed, resulting in 549 tokens (see Tab. 1). The acoustic data were automatically segmented using WebMAUS [7], manually corrected in Praat [3] and converted to an EmuR
database [24]. Within the stop consonants closure
and release (burst and aspiration) were annotated as
separate segments. The release duration differs from
VOT, in that for voiced and voiceless stops it was
measured from the end of complete closure to the
beginning of periodicity of the following vowel, regardless of whether voicing was present during closure or not.
For consonant closure duration, preceding vowel
duration and release duration three separate linear
mixed effect models were fitted using the lmerTestpackage [8] in R [13]. The models consisted of
phonemic QUANTITY (singleton, geminate), VOIC -

3. RESULTS
3.1. Closure duration

The closure durations based on actual measurements obtained from all three speakers are illustrated in Fig. 1. Upon visual inspection, the duration differs by place of articulation, and the singleton/geminate contrast seems robust with geminates being about twice as long as singletons. In
most cases the closure is longer when the stop is
voiceless than voiced. There seem to be no systematic differences between the cold and warm conditions. The statistics confirm what can be observed
in Fig. 1: Main effects of QUANTITY (F[1, 3.18]=
34.5, p<0.01), VOICING (F[1,7.25]=32.1, p<0.01)
and PLACE (F[2,6.01]=9.5, p=0.05) were significant. Our main interest was the effect of TEM PERATURE , which was not significant as a main
effect (F[1,3.0]=2.3, p=0.22), but several interaction effects, in particular together with place of articulation were significant. The estimate means
of the closure durations for each phoneme in the
two temperature condition as predicted by the full
model are presented in Tab. 2. Because we were
not primarily interested in durational differences between places of articulation, but rather how temperTable 2: Estimate means of closure duration predicted by the full model in ms, with standard error
in brackets.
singleton
cold
alveolar
bilabial
velar
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voiceless
voiced
voiceless
voiced
voiceless
voiced

78.8 (7.1)
56.1 (6.3)
84.6 (8.5)
63.1 (7.3)
64.5 (5.3)
53.7 (4.9)

warm

69.7 (10.4)
47.6 (8.7)
74.4 (12.1)
57.1 (10.3)
53.1 (8.7)
45.4 (7.0)

geminate
cold
132.5 (15.4)
124.2 (13.4)
133.6 (17.1)
114.7 (15.0)
109.9 (13.7)
94.9 (11.8)

warm

126.4 (20.3)
107.1 (18.2 )
137.7 (21.9)
123.9 (19.8)
92.2 (18.8)
94.1 (16.8)

ature affected contrasts within one place of articulation, we decided to run separate models which
would make the interpretation of interaction effects easier. For alveolars, all three main effects,
QUANTITY (F[1, 4.0]= 60.6, p<0.01), VOICING
(F[1, 6.5]= 19.6, p<0.01) and TEMPERATURE (F[1,
3.4]= 11.4, p<0.05), were significant, while none
of the interaction effects were. In the cold condition all alveolars were produced with a longer
closure duration. For bilabials, the main effects
QUANTITY (F[1,3.0]=27.8, p<0.05) and VOICING
(F[1,3.8]=36.5, p<0.01) were significant. While
TEMPERATURE (F[1,3.0]=0.01, p=0.91) was not
siginificant, the interaction of TEMPERATURE and
QUANTITY was (F[1,174.8]=17.8, p<0.01). In the
cold condition singletons tended to be longer compared to the warm condition while geminates were
shorter. According to post-hoc comparisons the
quantity difference for voiced (51(±14)ms, p=0.1)
and voiceless (49(±14)ms, p=0.1) stops in the cold
condition was not significant, while in the warm
condition it was (67(±14)ms and 63(±14)ms, respectively). No other interactions were significant.
For velars, only QUANTITY had a significant main
effect (F[1,4.0]=17.6, p<0.05). There were however significant interaction effects between TEM PERATURE and VOICING (F[1,163.4]=8.1, p<0.01),
as well as TEMPERATURE, VOICING and QUANTITY
(F[1,163.5]=3.9, p<0.05). Voiced velars tended to
be shorter than their voiceless counterparts, and velars in the cold condition tended to be longer than in
the warm condition. Only voiced velar geminates in
the warm condition were not shorter than the voiceless geminates in the warm condition and the voiced
geminates in the cold condition.

Figure 1: Observed closure duration of geminate
(g) and singleton (s) alveolar, bilabial and velar
consonants, grouped by voicing; cold temperature
condition in the left panel, warm conditon in the
right panel for all three speakers.
warm

200
150
100
50

alveolar

voicing

200
150
100
50

bilabial

closure duration [ms]

cold

voiceless

velar

200
150
100
50

voiced

g

s

g

s

phonemic quantity

Post-hoc analysis revealed that the quantity contrast
was robust for vowels preceding voiceless but not
voiced consonants. Furthermore, the voicing contrast was significant in velars but not in alveolars and
bilabials.
3.3. Release duration

Release duration measurements are presented in
Fig. 3 on a logarithmic scale. Following velars,
release duration was overall longer for both voicing conditions, because there was some frication
especially when transitioning to /i/. Release duration was also longer after voiceless stops than after voiced stops, because voiced stops were usually unaspirated. Whether the consonant was a
singleton or geminate seems to not affect release
duration. Statistical analysis confirmed that the
main effects of PLACE (F[2,14.6]=14.8, p<0.01)
and VOICING (F[1, 13.0]=30.3, p<0.01) were significant while QUANTITY (F[1,17.8]=0.05, p=0.8)
and TEMPERATURE (F[1,4.0]=0.2, p=0.6) were not.
Interaction effects between PLACE and VOICING
(F[2,23.4]=8.4, p<0.01) and QUANTITY and TEM -

3.2. Preceding vowel duration

We now look at the vowel duration, which we expected to be longer when preceding a geminate consonant than when preceding a singleton. The observed values are visualized in Fig. 2. While there
are some differences between places of articulation, in most cases vowels preceding voiced consonants are longer than vowels preceding voiceless
consonants, and vowels preceding singletons are
longer than vowels preceding geminates. Statistics
confirmed that QUANTITY (F[1,22.5]=5.2, p<0.05),
PLACE (F[2,18.9]=21.2, p<0.01) and VOICING
(F[1,23.3]=18.3, p<0.01) were significant while
TEMPERATURE (F[1, 3.0]=0.0, p=0.95) was not. In
addition, two-way interactions between QUANTITY
and VOICING (F[1,23.5]=5.0, p<0.05) and between
PLACE and VOICING (F[2,23.5], p<0.01) were significant. Model estimates are presented in Tab. 3.

Table 3: Estimate means of preceding vowel duration predicted by the full model in ms, (SE).
singleton
cold
alveolar
bilabial
velar
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voiceless
voiced
voiceless
voiced
voiceless
voiced

138.0 (12.1)
145.4 (11.4)
110.6 (10.3)
102.1 (9.7)
117.6 (10.5)
149.3 (9.9)

warm

136.6 (14.5)
141.3 (13.6)
111.2 (12.7)
96.3 (11.9)
123.6 (12.9)
147.3 (12.1)

geminate
cold
113.5 (11.3)
144.6 (10.6)
102.4 (9.6)
112.9 (9.1)
104.5 (9.8)
128.6 (9.4)

warm

115.6 (13.4)
142.5 (12.5)
102.0 (11.6)
113.7 (10.9)
106.5 (11.8)
135.3 (11.2)

Figure 3: Observed release duration following
geminate (g) and singleton (s) stops.

Figure 2: Observed vowel duration preceding
geminate (g) and singleton (s) stops.
cold

warm

cold

warm

100

50

voicing

150
100

voiced
voiceless

50

g

s

g

s

First of all, we did not observe a significant main effect of temperature for any of the segments. Rather,
we observed some contrast differences for the two
conditions. While closure duration was generally
slightly longer in the cold condition, the closure duration of bilabial geminates was shorter, so that bilabials and particularly their quantity contrast was
affected by cold temperature. The release duration
of geminates was longer in the cold condition than
in the warm condition, but the differences were not
significant and unlikely to contribute to the quantity
contrast. However, our expectation that voiced segments would be especially affected by cold temperTable 4: Estimate means of release duration predicted by the full model in ms, (SE).
voiceless
voiced
voiceless
voiced
voiceless
voiced

21.7 (6.4)
7.9 (6.0)
13.6 (6.2)
5.4 (5.9)
47.8 (8.4)
17.6 (7.0)

24.3 (6.1)
10.3 (6.0)
17.7 (6.0)
5.1 (6.0)
51.9 (7.8)
16.6 (6.6)

g

s

ature was not met. Vowel duration was not affected
at all by temperature. What we did not examine in
this paper is the actual presence of vocal fold vibration during phonologically voiced segments. Often,
voiceless stops were preaspirated and some vowels
preceding voiced stops were devoiced or breathy towards the end. These segments were included in
the vowel duration rather than stop consonant duration. Yet, it has been suggested by [19] that preaspiration contributes to consonant duration. We will
thus further investigate how voicing is affected when
taking into account the EGG data. It should be
noted that recordings for the two temperature conditions took place in two different rooms with obvious differences in room acoustics. Furthermore,
recordings took place on separate days, and with
only three speakers random short-term variability of
speech [15] might have contributed to some observations interpreted as a temperature effect. Comparing
our data to previous studies on Italian we can say
that the quantity contrast is robust and is realised by
varying closure duration. When comparing the estimate means of singletons and geminates within each
category, geminates are at least 1.6 times longer than
singletons. This corresponds to what has been reported by [1] according to [17, p.47]. However, preceding vowel duration especially before alveolar and
bilabial consonants was less affected by consonant
quantity and voicing. This may have been a result of
treating preaspiration as part of the preceding vowel
rather than the consonant. Another possibility is that
preceding vowel duration as a secondary feature for
gemination is used less by South Tyrolean speakers,
which might be perceived as weaker gemination.

4. SUMMARY AND DISCUSSION

singleton
cold
warm

s

phonemic quantity

PERATURE (F[1,521.0]=5.5, p<0.05) were also significant. Post-hoc tests revealed that while release
duration was generally longer following voiceless
than voiced stops, the difference was significant only
for velars. There was a tendency for release durations of singletons to be longer than of geminates in
the warm condition and the other way round in the
cold condition, because temperature had the opposite effect on singleton and geminate release durations (cf. Tab. 4). However, none of the differences
were significant in the post-hoc comparisons.

velar

voiceless

100

g

phonemic quantity

bilabial

3

voiced

3

50

alveolar

voicing

30
10

velar

100

100

30
10

velar

150

3

bilabial

release duration [ms]

30
10

bilabial

preceding vowel duration [ms]

100

alveolar

alveolar

150

geminate
cold
warm
19.8 (7.1)
12.1 (6.2)
15.0 (6.9)
7.1 (6.1)
51.3 (9.6)
21.4 (8.1)

19.9 (6.6)
11.8 (6.0)
12.7 (6.5)
6.7 (5.9)
48.2 (9.0)
21.0 (7.5)
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ABSTRACT
Previous work on consonant cluster simplification in
English has shown that a consonant surrounded by
other consonants is more likely to delete than a
consonant adjacent to a vowel. A consequence is
that in three-consonant word-final clusters, the
penult is most likely to delete. Experimental data
also shows more frequent deletion of word-final
stops in words that frequently occur before
consonant-initial words [16].
We look at a related issue using conversational
speech (Buckeye Corpus, [12]): if speakers
frequently encounter a cluster produced with an
epenthetic consonant resulting from an allophonic
process, does that influence their production of
similar clusters? Higher rates of epenthesis in /-ns#/
clusters are mirrored by low rates of /t/ deletion in /nts#/, compared to low epenthesis in /-nz#/ but high
deletion in /-ndz#/. These high-frequency clusters
show more effect of contextual frequency than do
lower-frequency comparable clusters with /l/.
Keywords:
consonant
clusters;
frequency;
consonant deletion; conversational speech.
1. INTRODUCTION
Many factors that influence the frequency of
consonant cluster simplification (the deletion of one
or more consonants in a cluster) have been studied in
English and other languages. Previous work (e.g.
[17, 18, 21]) has shown that following context is a
powerful factor: when a consonant is followed by
another consonant, it is more likely to delete than
when it is followed by a vowel.
Less studied than immediate segmental context is
the cumulative effect of the different contexts where
a word or sound occurs, which in a usage-based
approach is expected to affect speakers’ productions.
Brown, Raymond, and colleagues [15, 16] have
found that frequent occurrence of a word or sound
in a context that favors a variable phonological
process increases the overall likelihood of that
process occurring, even in tokens that occur in less
favorable contexts. Raymond and Brown [15] refer
to this factor as “Frequency in a Favorable Context”
(FFC). Their analyses show that FFC has a stronger
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effect than the raw frequency of an individual word.
The argument is that language users’ mental
representation of a word is modified by their
experiences of that word: if they frequently
encounter it in a reduced form, because it tends to
occur in environments where reduction is likely,
then the reduced form strengthens in the speaker’s
mental lexicon. Raymond et al. [16] use this idea to
show that frequent occurrence in consonantal
contexts increases the likelihood of English wordfinal t/d deletion in experimental data. They found
that although the context surrounding a word varies
from token to token, speakers are influenced by the
frequency with which they have encountered a
sound in a context favorable to deletion.
Raymond and Brown’s work looks at cases
where the context of a word varies depending on
which words surround it, that is, which bigrams it
occurs in. In this paper, we extend the concept of
FFC by examining the effect of contextual
variability that arises from an optional allophonic
pattern. If speakers frequently encounter a particular
sequence of sounds, that could bias them towards
applying, or not applying, an optional phonological
process so as to match the frequently-occurring
sequence. Here the sequences studied are consonant
clusters. The two processes under consideration have
opposite effects: one is the simplification of
consonant clusters by deletion of one member, and
the other is allophonic epenthesis of oral stops in
sonorant-fricative clusters.
1.1. Consonant cluster simplification

Although English allows up to four consonants at
the end of a syllable, the absence of one or more of
these consonants is common. In this paper the term
“deletion” is used, although it has been shown (e.g.
[1, 3]) that re-timing of the gestures for a sequence
of consonants can “hide” other consonants that are
in fact articulated. Numerous studies of consonant
deletion in clusters show that local segmental
context influences the likelihood of deletion (e.g. [7,
18, 22]). A preliminary analysis [21] of threeconsonant word-final clusters in the Buckeye Corpus
showed that the penultimate consonant in the cluster
was the most likely to be deleted, and this likelihood
increased when the next word began with a

consonant, even though that consonant was not
immediately adjacent.
1.2. Sonorant-fricative epenthesis

Epenthesis in sonorant-fricative clusters is one of the
most described allophonic patterns in American
English. It is most often described in nasal-fricative
clusters [2, 10, 20, 24], but some authors also
discuss similar patterns in lateral-fricative clusters
[5, 6, 11, 19]. Plath [14] writing in 1958, claimed
that /-n[t]s/ and /-nts/ were homophonous in his
speech, but that he contrasted /-ls/ and /-lts/. Here we
are not concerned with the specifics of how the
epenthetic /t/s are produced or perceived, but with
the contexts in which they occur. Although [10]
argue that this change (stop epenthesis) has almost
reached completion, resulting in nearly complete
neutralization, the results reported here suggest that
it is not yet so regular, at least in the dialect and
speech style represented in the Buckeye Corpus.
To the best of my knowledge, [2], also discussed
in [24], is the only previous study to examine the
rate of production of epenthetic stops in nasalfricative clusters in a large corpus of American
English. Blankenship analyzed these clusters in the
TIMIT corpus, which consists of read sentences
rather than conversational speech as used for the
present study. She observed epenthetic [t] in 26% of
/-ns/ clusters, and a loss of /t/ in 14% of /-nts/
clusters. Experimental studies (e.g. [6, 20]) have
observed rates of epenthesis ranging from 71-82%
[20] to 100% [6] in /-ns/ clusters.
A suggestion that frequency plays a role in
epenthesis comes from [10]’s finding that higher
word frequency improved discrimination between
epenthetic and underlying stops: listeners were
better able to distinguish higher frequency words
with epenthetic stops from their counterpart with an
underlying stop (prince vs. prints), compared to
lower frequency pairs which were more difficult.
They suggest that this is due to a less robust mental
representation of the lower-frequency words.
2. METHOD
This paper is concerned with word-final clusters of
two or three consonants, in which the first consonant
is a sonorant (either /n/ or /l/), the second, when
present, is an alveolar stop (/t/ or /d/), and the last is
a fricative (/s/ or /z/).
The Buckeye Corpus was used as a source of
conversational speech [12, 13]. It consists of
recordings of 40 speakers of English from the
Columbus, Ohio, area, with equal numbers of male
and female, younger and older speakers. It provides
both word-level orthographic transcription and
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phonetic transcription aligned with the acoustic
waveform and segmented at the phone level.
Previous investigation of consonant deletion in all
three-consonant word-final clusters in the Buckeye
Corpus [21] showed that while /-nts/ is the most
frequent cluster, rates of stop deletion are higher in
/-ndz/, which is the second most frequent cluster.
This finding prompted more study of these clusters.
An exhaustive search of the corpus was
conducted using Phonological Corpus Tools [8] to
identify all words ending in the two-consonant
clusters /-ns/, /-nz/, /-ls/, and /-lz/, and the threeconsonant clusters /-nts/, /-ndz/, /-lds/, and /-ldz/.
The search for words excluded those transcribed
with syllabic [n] or [l], which the Buckeye
transcription alphabet distinguishes from the purely
consonantal forms of these sounds. The .words
files from the corpus (which list the orthographic
form and time stamp of each word) were then
searched to identify all occurrences of the identified
words. Transcriptions of the citation pronunciation
and the actual pronunciation of each token were also
extracted from the .words files.
2.1. Transcription issues

The Buckeye Corpus lists a citation pronunciation of
each word. These were used as is except for a few
minor corrections of what appeared to be errors ([z]
replaced erroneous [s] in words ending –ands). The
corpus transcriptions of actual pronunciations
provide more phonetic detail than the citation
pronunciations. They distinguish nasalized vowels
from oral ones. For the present study, if a cluster’s
canonical pronunciation includes a nasal consonant,
the actual pronunciations were classified as
canonical if they included a nasal consonant or a
nasalized vowel in the appropriate position.
A number of the actual pronunciations showed
palatalization of the final fricative, where [ʃ]
appeared instead of [s], or [ʒ] instead of [z]. These
almost always occurred preceding a word beginning
with [j]. Palatalizations of this form were ignored in
deciding whether to classify a pronunciation as
canonical. Rare cases where the final consonant was
transcribed as [tʃ] were classified as including an
oral stop. There were no final [dʒ].
3. RESULTS
3.1. Nature of the data

Table 1 shows the total numbers of tokens and types
(distinct words) containing each of the clusters. The
/-ls/ cluster has by far the highest ratio of tokens to
types, because the data are dominated by 174
occurrences of else (94% of the tokens of that

cluster). Similarly, the data for /-lts/ are dominated
by 16 occurrences of adults (84% of the tokens). For
/-nts/, there are 198 tokens of parents (36% of the
total); for /-ndz/, there are 134 tokens of friends
(38% of the total). For other clusters, no one word
provides a large proportion of the data.
Table 1: Number of tokens for each of the clusters.
Token frequency is the number of occurrences;
type frequency is the number of different words
containing that cluster.

Token
Frequency
660
986
543
352
185
400
19
22

Word
-ns
-nz
-nts
-ndz
-ls
-lz
-lts
-ldz

80%

As expected, deletion of the cluster-medial /t/ or /d/
was very frequent, especially in the voiced clusters.
The difference between /-nts/ and /-ndz/ is
significant at p<.001 (χ2 = 52.15). For comparison,
[17] report a deletion rate of 16.5% of /t/ and /d/ in
word-medial clusters in the Buckeye Corpus.
Figure 1: The percentage of tokens produced with
canonical or near-canonical pronunciations, with
deletion of the oral stop (-NS), or in other forms,
for words with word-final /-nts/ and /-ndz/ clusters.

100%
80%
-NS

20%

other

40%

-nCS

20%

other
-nz

The absence of epenthesis in /-nz/ clusters is consistent with the frequent deletion of [z] in the /-ndz/
clusters: speakers expect these voiced clusters to
occur without a medial stop. Similarly, the more
frequent epenthesis in /-ns/ is consistent with the
lower deletion rate of [t] in /-nts/.
3.3. Actual pronunciations: lateral clusters

The lateral clusters were far less variable than the
nasal clusters. There were very few tokens of /-lts/
and /-ldz/, but even so the lack of variability is
striking: 17 of 19 /-lts/ clusters and all /-ldz/ clusters
were produced with the canonical pronunciation.
The two-consonant lateral clusters show only a
little more variation. Epenthesis was found in one
token of /-ls/ and never in /-lz/. More common was
deletion of the lateral, in 7 /-ls/ and 15 /-lz/, unlike
the nasal clusters where the absence of any nasal
was less common. These are plotted in Figure 3.
Figure 3: The percentage of tokens produced with
canonical or near-canonical pronunciations, with
deletion of the lateral (-S), or in other forms, for
words with word-final lateral-fricative clusters.

0%
-nts

(near)canonical

-ns

3.2.1. Cluster simplification

40%

60%

0%

3.2. Actual pronunciations: nasal clusters

(near) canonical

Figure 2: The percentage of tokens produced with
canonical or near-canonical pronunciations, with
an epenthetic stop, or in other forms, for words
with word-final nasal-fricative clusters.

100%

Type
Frequency
94
246
77
43
12
69
4
8

60%

and /-nz/ clusters. The difference in epenthesis rate
between the voiceless and voiced clusters was
significant at p<.001 (χ2 = 65.11).

100%

-ndz

80%

canonical

60%

3.2.2. Epenthesis
The overall rate of epenthesis in /-ns/ clusters was
13%, considerably lower than what is reported by
other studies. The percentages of different
pronunciations are plotted in Figure 2, for the /-ns/
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40%

-S

20%

other

0%
-ls

-lz

3.4. Rates of epenthesis in /-ns/ clusters

For individual words ending in /-ns/, the percentage
of tokens produced with epenthetic stops ranged
from 0% to 100%. For words with very few tokens,
these percentages are not informative. Words with
more than 10 tokens are examined in more detail
here, and listed in Table 2.
Table 2: Proportion of tokens with epenthesis for
words ending in /-ns/ for which there were more
than 10 tokens available.

Word
once
since
difference
sense
experience
violence
influence
science
chance
insurance

n
110
87
46
33
36
30
29
20
20
17

Higher bigram frequency has been shown to increase
the occurrence of other connected-speech processes
such as inter-word palatalization [4]. This result is
also consistent with Shosted’s [20] finding that
speakers produce fewer epenthetic stops in focus
conditions: words (such as insurance and science)
that occur in less frequent contexts are more likely to
be salient to the speaker, akin to being under focus.
Table 3: Of the words ending in /-ns/ with more
than 10 tokens, the mean preceding and following
bigram frequencies for the two words with the
lowest and highest rates of epenthesis, averaged
across all tokens of the words.

Epenthesis
Rate
9%
8%
17%
39%
14%
37%
17%
5%
10%
0%

Word
insurance
science
sense
violence

Preceding
Bigram Freq.
2.6
1.9
3.9
3.4

Following
Bigram Freq.
1.3
2.1
3.8
4.3

4. DISCUSSION

Of these, the epenthesis rates for insurance (0%) and
science (5%) were well below the overall average,
while the rates for sense (39%) and violence (37%)
were the highest. The only salient phonological
difference among these words is that sense is
monosyllabic, with the cluster in a stressed syllable,
while the other words are polysyllabic, and the
cluster is in an unstressed syllable. Since the cluster
in violence with a high rate of epenthesis occurs in
the same environment as the clusters in science and
insurance, these differences seem unlikely to be
explanatory. ([24] also found that lexical stress did
not predict epenthesis rates.)
The lexical contexts in which these four words
occur were examined. The bigram frequencies for
each target word in combination with every word
that preceded or followed it in the Corpus were
determined, and the overall means for these bigram
contexts were calculated, shown in Table 3. A
bigram frequency could not be determined for every
token, because the target word was often preceded or
followed by silence or speech from the interviewer.
Insurance and science, which had very low rates
of epenthesis, have lower bigram frequencies than
sense and violence, with high rates of epenthesis.
“Frequency in a Favorable Context” offers a
possible interpretation of this result: epenthesis is
more acceptable to speakers in the higher-frequency
contexts because they are likely to have previously
encountered the words in these same contexts.
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This paper argues that speakers’ experience of
variant pronunciations of consonant clusters
reinforces their production of similar clusters,
consistent with related research showing that the
production and perception of variant pronunciations
can be influenced by the distribution of experience
of a word in different contexts [16, 23]. These
results are consistent with a model where speakers
store variant pronunciations in the lexicon, including
potentially forms with deletion of a segment [9].
Repetition of related forms reinforces their
representations, increasing the likelihood that future
productions will resemble the variants most often
encountered.
One surprising finding here was the relatively
low rates of epenthesis in /-ns/ clusters. A possible
explanation is that in the process of transcribing the
Buckeye Corpus [13], the criteria for justifying an
epenthetic segment were relatively stringent, either
deliberately or because of conservative behavior by
the transcribers. In studies such as [2], [6], [20], the
acoustic signals were evaluated specifically with
respect to epenthetic stops, and this may have led to
more liberal transcriptions. Another possibility is
that an experimental setting encourages more
epenthetic stops, possibly as a characteristic of clear
speech. ([2] is a corpus study, but using individual
sentences read in a controlled environment.) Further
investigation is needed to understand the
consequences of different contexts and styles on this
and other variable phonological processes.
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ABSTRACT
In word-initial position, Standard German exhibits a
two-way phonemic contrast between plain voiceless
unaspirated stops /b d g/ and voiceless aspirated stops
/p t k/. For Austrian German, it has however been
claimed that there is a tendency to reduce aspiration.
This paper deals with the potential perceptual
consequences of this production tendency. A
categorisation task was conducted where Austrian
(n=33) and German listeners (n=47) had to label
semi-manipulated speech stimuli varying in their
voice onset time (VOT), place of articulation and
burst/vowel quality. For each listener, psychometric
curves and perceptual boundaries were calculated.
While a comparison between the two listener groups
did not reveal shifted perceptual boundaries overall,
significant individual differences regarding the
degree of categoricity of perception were found.
Results also indicate that VOT/aspiration is not the
only relevant voicing cue but that Austrian and
German listeners are heavily influenced by the
burst/vowel quality of the presented stimulus.
Keywords: Austrian German, voice onset time,
speech perception, phoneme categorisation.
1. INTRODUCTION
In Standard German, the two-way phonemic contrast
between “voiced” (/b d g/) and “unvoiced” (/p t k/)
stops is word-initially realized as an aspiration
contrast rather than a ‘true’ voicing contrast. /b d g/
are unaspirated and show a short-lag positive voice
onset time (VOT) [10] while /p t k/ are aspirated and
show a long-lag positive VOT. Standard German is
therefore classified as an ‘aspirating’ language [2].
While this observation is true for the pronunciation of stops by North German speakers [7], speakers
of some (Southern) varieties of German, such as
Austrian German, are often said to show reduced
aspiration [8, 12]. Especially in the case of /p/ and /t/
this tendency may even lead to a neutralization of the
voicing contrast [8].
However, it is not clear how this tendency for
reduced aspiration affects perception. While there is
a considerable number of production studies on
voicing and aspiration in different varieties of
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German [4, 7, 11], perception studies are sparse. So
far, there is no experimental data available on VOT
perception by Austrian German listeners. It is also
unclear how other phonetic features such as place of
articulation or burst/vowel onset characteristics
interact with VOT in these listeners. The aim of this
study is hence to shed light on this topic.
During speech perception, listeners need to make
more-or-less categorical decisions about the lexical
identity of the speech input. These decisions could be
impeded if the acoustic-phonetic cues in question lack
linguistic relevance in the listener’s native language
or if they are regarded as unreliable based on
experience from production. The latter could be the
case for VOT in Austrian German. The tendency for
deaspiration may lead to fuzzy voicing categories,
blurred perceptual boundaries and a reduced ability to
distinguish between “voiced” and “voiceless” sounds
based on VOT duration. Alternatively, it could also
be that the tendency for deaspiration results in a
perceptual boundary shift, and that Austrian listeners
perceive stops as voiceless at shorter VOT durations
than German listeners.
2. METHODS
In order to investigate the perceptual relevance of
VOT for Austrian German listeners and their
phonemic categorisation abilities, a listening
experiment was conducted where subjects had to
identify semi-manipulated speech stimuli varying in
their VOT duration.
2.1. Subjects

In total, 33 native adult Austrian listeners (age span:
21-65) from Styria (located in the southeast of
Austria) took part in the perception study.
Additionally, 47 native German listeners (age span:
19-60) served as a control group. The German
listeners all lived in Styria but were born and raised
in various regions of Germany. They were subdivided
into “South German” (n =30) and “North German”
listeners (n = 17) based on their place of origin.
All participants were raised monolingual, reported
normal hearing and were naïve to the purpose of the
study.

Testing was conducted in one session lasting
approximately 45 minutes and subjects received 20
Euro for their participation.
2.2. Stimuli and experimental procedure

The experimental material consisted of natural speech
tokens (the real German words “backen” [to bake],
“packen” [to pack], “danken” [to thank], “tanken” [to
fuel], “Gasse” [alley], “Kasse” [cash point]) produced
by a female native Austrian speaker which were
acoustically manipulated regarding their VOT
duration. The stimuli formed six continua (one for
each word) and varied from 0-60ms VOT in 5ms
steps (yielding 13 different stimuli for each word).
While all six continua had an identical VOT range,
the continua varied in their burst identity and vowel
onset characteristics (i.e. ‘lenis’ bursts and vowel
onsets in those stimuli manipulated from original
“backen”, “danken” and “Gasse” and ‘fortis’ bursts
and vowel onsets in those stimuli manipulated from
“packen”, “tanken” and “Kasse”). This design was
chosen to test if and how burst information and vowel
onset characteristics affect VOT boundaries in
German-speaking listeners.
Except for VOT manipulation, acoustic interference was kept at a minimum and no spectral or
temporal changes were conducted besides a levelling
of burst durations at 5ms.
Stimuli were auditorily presented over headphones and subjects had to perform a two-alternative
forced choice (2AFC) identification task. In total,
subject were ask to identify the voicing category of
468 stimuli (6 continua * 13 VOT steps * 6
repetitions).
All acoustic manipulations as well as stimulus
presentation were performed in Praat [3].

equal. If a subject did not reach this crossover point
within the presented VOT range, their data were
excluded from analysis.
In addition to the location of the VOT boundaries,
the “steepness” of the curves, measured by means of
the slope parameter β1 of the logistic regression
models, was also taken into consideration.
In speech perception research, the steepness of the
psychometric curve is generally interpreted as a
measure for the preciseness of categorical perception
(see e.g. [6]). The steeper the curve, the more abruptly
listeners shift from “voiced” to “voiceless” responses,
indicating a sharp perceptual boundary. When the
curve is less steep, however, this suggests a less
categorical (and more continuous or even random)
perception of the presented stimuli.
The predicted boundary location as well as the
slope values of each subject were used as dependent
variables in one-way ANOVAs with the betweensubjects factor “listener group”. Analysis was done
for each of the six continua separately.
4. RESULTS
4.1. VOT boundary location

Overall, the location of the VOT boundary was very
similar across listener groups (see Table 1).
Table 1: Mean boundary location (in ms) and
standard deviation for each continuum and listener
group.

“backen”
“danken”

3. ANALYSIS

“Gasse”

For each subject, so-called psychometric curves were
constructed which model the probability of
“voiceless”-responses as a function of VOT duration.
This was done by means of logistic regression
analysis (see formula below), conducted separately
for each continuum and each subject. The fitting of
the models was performed in R using the ‘quickpsy’
package [9].

“packen”

1

P Y =

1
1+e-(β0+β1X)

The location of the perceptual boundary between the
two voicing categories was defined as the 50%crossover point in the continuum, i.e. the VOT
duration for which the predicated probability of a
“voiceless”-response and a “voiced”-response was
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“tanken”
“Kasse”

Austrian South German
32.58
29.85
(SD=6.69)
(SD=4.81)
28.55
31.51
(SD=9.13)
(SD=8.57)
42.95
42.57
(SD=5.16)
(SD=7.71)
16.93
12.90
(SD=10.22) (SD=5.67)
12.81
13.53
(SD=7.35)
(SD=6.59)
19.91
15.70
(SD=6.34)
(SD=4.52)

North German
30.10
(SD=4.40)
33.38
(SD=12.20)
41.05
(SD=7.50)
12.79
(SD=6.42)
14.43
(SD=7.27)
15.72
(SD=7.67)

Statistical analysis did not show significant shifts in
boundary locations between the three listener groups.
The only exception was “Kasse”. Here, Austrian
listeners needed on average a VOT duration that was
4ms longer to give a “voiceless”-response than
German listeners (F(2, 75) = 4.537, p = 0.0138).
The listener effect for “Kasse” and especially the
finding that Austrian listeners needed a longer VOT
than German listeners may be surprising at first.

Word-initial prevocalic velars are usually not
desaspirated in neither the standard variety of German
spoken in Germany nor in Austria [8]. Therefore, we
would actually not expect a listener effect for this
continuum. However, in several production studies
on Austrian German, a tendency for affrication of the
voiceless velar plosive has been attested [11]. This
could be the reason for Austrian listeners needing a
longer VOT to perceive a velar plosive as “voiceless”,
since they might be used to a slightly longer VOT due
to affrication.
The results for the other five continua suggest that
Austrian listeners need on average the same VOT
duration to perceive a stimulus as “voiceless” as
German listeners.

“voiceless”-response never exceeded 0.75 – or, in
some cases, fell below 0.25. In other words, the
voicing category of the presented stimuli was never
perceived unambiguously. As a result, the psychometric curves of some subjects deviated from the
classic sigmoid shape that is characteristic for
categorical perception. Interestingly, for “backen”
and for “danken” only Austrian subjects showed
atypical identification curves (see Figure 1 for the
“danken”-curves of these subjects).
Figure 1: Non-sigmoidal psychometric curves for
“danken” stimuli.

4.2. Steepness of the curve

“Gasse”
“packen”
“tanken”
“Kasse”

Austrian South German North German
0.28
0.62
0.35
(SD =0.14) (SD =0.98)
(SD =0.14)
0.20
0.30
0.22
(SD =0.11) (SD =0.55)
(SD = 0.08)
0.54
0.50
0.55
(SD =0.74) (SD =0.74)
(SD = 0.73)
0.42
0.25
0.65
(SD =0.76) (SD = 0.10)
(SD =1.02)
0.47
0.28
0.28
(SD =0.78) (SD =0.15)
(SD =0.12)
0.40
0.28
0.49
(SD =0.65) (SD =0.14)
(SD =0.78)

Wahrscheinlichkeit einer "stimmlos"-Antwort

Table 2: Mean slope value and standard deviation
for each continuum and listener group.

“danken”

AF11

AM07

AM09

AM10

AM17

0.75

In order to give an estimate of the steepness of the
perceptual boundary, the slope parameter β1 was
calculated for each subject and continuum. Mean
values are given below (see Table 2).

“backen”

AF09
1.00

0.50
0.25

0.00

1.00
0.75
0.50

0.25
0.00
0

20

40

60 0

20

40

60 0

20

40

60

Voice Onset Time (ms)

In neither case, the differences between listener
groups reached statistical significance. This might
indicate that the perceptual boundaries were as sharp
in Austrian as in German listeners. Based on these
results, there is no empirical evidence to claim a
reduced ability for voicing categorisation in Austrian
listeners.
While this might be true at a group level, it has to
be mentioned that there was a considerable amount of
individual differences between subjects. As
mentioned before, some subjects had to be excluded
since they did not reach a 50%-crossover point.
Additionally, there were several subjects who did not
reach 25%- or 75%-crossover points. This means that
within the tested VOT range, the probability of a
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2x2 Fisher’s exact tests showed that the number of
subjects with atypical identification curves differed
significantly between listener groups. For “backen”
and “danken” statistically significant more Austrian
subjects than German subjects showed noncategorical responses (“backen”: p = 0.02587;
“danken”: p = 0.003686). This might indicate a
reduced ability for voicing categorisation based on
VOT duration in these individual listeners.
4.3. Effect of place of articulation

According to the literature, place of articulation can
shift the location of the perceptual VOT boundary.
Boundary location is said to be shortest for bilabial
continua, longest for velar continua and intermediate
for alveolar continua [1].
A place of articulation effect on boundary location
could also be observed in our data (see Figure 2).
Since Austrian and German participants did not differ
in this regard, results are pooled across listener
groups.

Figure 2: Effect of place of articulation (blue
arrows) and burst/vowel onset characteristics (red
arrows) on the VOT boundaries (pooled across
listener groups).

40

50

60

This probably challenges the idea that VOT is the
primary cue for voicing perception in German and
Austrian listeners.
However, it is not clear yet, whether burst or
vowel onset characteristics – or both – are responsible
for this effect. Hence, a perception experiment in
which these two features are varied independently
from each other would be necessary (e.g. with cross
splicing fortis and lenis bursts and fortis and lenis
vowel onsets).

0

10

20

30

5. SUMMARY

backen packen danken

tanken

Gasse

Kasse

Velars were perceived as “voiceless” at longer VOT
durations than bilabials or alveolars. This was true for
lenis stimuli (F(2, 148) = 101.3, p < 0.001) as well as
for fortis stimuli (F(2, 144) = 14.06, p < 0.001). For
both, lenis and fortis stimuli, post-hoc t-tests (with
Bonferroni correction) revealed no statistically
significant difference between the boundary location
of bilabials and alveolars but only between bilabials
and velars (p < 0.001) and between alveolars and
velars (p < 0.001).
4.4. Effect of burst and vowel onset characteristics

When the boundary locations in the lenis and fortis
continua are compared with each other, a strong effect
of burst identity and/or vowel onset characteristics
becomes evident. Stimuli that were designed from
original ‘fortis’ onsets (i.e. “packen”, “tanken” and
“Kasse”) needed a strikingly shorter VOT to be
perceived as “voiceless” than stimuli designed from
‘lenis’ onsets (i.e. “backen”, “danken”, “Gasse”). At
VOT durations well below 20ms (which equals an
aspiration duration of only 15ms, since the burst
duration was set to 5ms), fortis stimuli were perceived
as “voicless“ (see Figure 2).
These results indicate that burst and/or vowel
onset characteristics that correlate with the lenis/fortis
distinction play a crucial role for voicing perception
in German-speaking listeners. A literally unaspirated
stimulus is likely to be perceived as “voiceless” if its
burst and vowel onset features are those typical for
fortis stops.
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Overall, the tendency to reduce aspiration in Austrian
German does not seem to affect the location and
sharpness of the perceptual VOT boundaries in
Austrian German listeners. Austrian and German
listeners did not show different perception results for
most of the presented VOT continua. The only
exception was the “Kasse” continuum for which
Austrian listeners showed a statistically significant
boundary shift and needed a longer VOT duration to
label a stimulus as “voiceless” than German listeners.
This could probably be explained by the fact that
velars tend to be affricated in Austrian German stop
production [11].
However, on an individual level, considerable
differences regarding the degree of categoricity of
perception were found. Several subjects showed
psychometric curves that diverged from the classic
sigmoidal form. For “backen” and “danken” stimuli,
these subjects were exclusively Austrian listeners.
Since the overall shape of an identification curve can
be an indicator for the categorisation abilities of the
listener (with a sigmoidal shape indicating “classic”
categorical perception [5]), one could argue that these
listeners did not perceive VOT as categorical as the
rest of the subjects. Given the small sample size, the
claim that this was due to the tendency for
deaspiration in Austrian German would be premature.
However, it is somewhat striking that for “backen”
and “danken”, only Austrian subjects showed atypical
identification curves.
Leaving individual differences aside, results also
indicate a place of articulation effect on VOT
boundary locations, with velars needing the longest
VOT to be perceived as “voiceless”.
Additionally, burst and/or vowel onset
characteristics were shown to strongly affect the
location of the VOT boundaries. This could be
interpreted as evidence that VOT is not the only (and
probably not the primary) acoustic-phonetic cue for
voicing perception in German-speaking listeners.
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ABSTRACT

speaker [19]. These findings suggest that the level
of accentedness as rated by native English listeners
may be affected by speaker’s perceived ethnicity
cued by a picture of either Asian or Caucasian
face 1 . However, these studies focused only on
native English listeners. Hence, it is unclear whether
non-native listeners will be similarly affected by
the speaker’s perceived ethnicity when presented
with native English utterances. This study aims to
investigate whether native Japanese listeners would
rate native English utterances as more accented
when presented with a video of an Asian-looking
speaker than when presented with a video of a
Caucasian-looking speaker.

Speech perception involves the integration of
acoustic features with socioindexical information
(e.g., speaker’s ethnicity). English speakers, for
instance, may rate English utterances produced by
a native speaker as more accented if they believe
the speaker to be Asian than if they believe the
speaker to be Caucasian. This study investigates
whether Japanese speakers will similarly rate
English utterances as more accented when made
to believe that the speaker was Asian-looking.
Forty-eight participants rated the accentedness
(9-point Likert-scale) of a set of sentences spoken
by native English speakers. Sixteen listeners were
made to believe the speakers were Caucasian,
sixteen that the speakers were Asian, and sixteen
were assigned to the audio-only condition. The
results indicate no effect of ethnicity on accent
rating by the non-native raters. Hence, non-native
(Japanese) speakers may be less influenced by
the speaker’s perceived ethnicity when evaluating
the level of English accent as spoken by native
speakers.

2. MODELS
Rubin [16] explains the effect of perceived ethnicity
on speech perception in terms of a negative bias,
renamed later as reverse linguistic stereotyping
(RLS) [7]. He suggests that listeners hold negative
social bias against, for instance, Asian-looking
English speakers, and that this bias leads to a
negative social evaluation and perception of a
foreign accent even though it is not present.
Zheng and Samuel [20], on the other hand,
argue that this effect may take place not on the
perception level but on the interpretation level.
They demonstrated that simply presenting pictures
of Asian or Caucasian faces introduces demand
characteristics, that is participants believing that
they know the purpose of the experiment may alter
their accentedness ratings. This effect, however, is
mostly not present when the static picture is changed
to a dubbed video.
Native and non-native listeners agree on
accentedness ratings when evaluating audio-only
English stimuli [3], that is when the ethnicity of
the speaker is unknown. This remains true even
for non-native listeners who have no familiarity
with the rated language [12].
Therefore, if

Keywords: Speech perception, accentedness,
socioindexical cues, ethnicity, exemplar theory
1. INTRODUCTION
Speech perception can be affected by the perceived
age [9], gender [17], sexual orientation [11] or
ethnicity [13] of the speaker. For instance, native
American English listeners who listened to an audio
recording of an American English female, while
simultaneously being presented with a picture of an
Asian female, rated her speech as more accented
than those who listened to the same recording
while being presented with a picture of a Caucasian
female [16]. Similarly, native English listeners
rated non-native English speakers from Korea as
more accented when they were listening to an
audio accompanied by a freeze frame featuring
the Korean speaker than when they were only
listening to the audio-only recording of the same

1 The term “ethnicity” is used here to indicate that a group
of people has in common some certain racial traits and it is a
common way of referring to “Asian” or “Caucasian” groups in
sociolinguistics.
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Japanese participants also demonstrate a bias
towards “American = Caucasian” association then,
according to the RLS model, we would expect
them to act similarly to native English speaker,
that is to rate English utterances as more accented
when presented with a an Asian-looking speaker
than when presented with a Caucasian-looking
speaker. If, on the other hand, this effect of ethnicity
was achieved due to the demand characteristics
and the decision process really takes place on the
interpretation rather than perception level, then
we should see results similar to [20], that is no
effect of speaker’s ethnicity when the audio is being
presented with a dubbed video stimuli.

3.3. Stimuli

Audio stimuli. Ten native English speakers from
North America (5 males and 5 females) were
recorded, in a soundproof booth, telling a short
picture story similar to the "Suitcase story" [4]. In
addition, they were asked to introduce themselves
and to talk about their day. Ten sentences or
phrases were extracted from each recording and
the intensity was adjusted to 70 dB using Praat
6.0.16 [2]. An echo effect was added with Adobe
Premiere Pro CC 7.0 in order to make the samples
sound more natural when matched with the videos.
The 100 audio files were randomly assigned to either
baseline (40 utterances, 2 male and 2 female voices)
or experimental (60 utterances, 3 male and 3 female
voices) condition.
Video stimuli. The 60 utterances chosen for the
experimental condition were combined with videos
to prepare the stimuli for each of the experimental
groups:
Asian group Six Asian-looking speakers (3 males
and 3 females, 4 native English speakers and 2
highly proficient non-native speakers) were asked to
repeat the sentences recorded for the experimental
stimuli (10 sentences each) while these sentences
were played in the background. A special attention
was given to the lip movement. The best attempt
was then chosen and the original audio was replaced
with the experimental audio stimuli.
Caucasian group The same procedure as
for the Asian group was followed to record
Caucasian-looking native English speakers (3 males
and 3 females).
Audio group In this group the experimental audio
files were used without any visual cues or without
any other editing.
All video editing was done using Adobe Premiere
Pro CC 7.0. Speakers for the video recordings were
all dressed in white t-shirts and stood in front of
a white wall. The quality of the video files was
evaluated by native and non-native English speakers
both of whom failed to notice any mismatch
between the audio and video.
IAT stimuli. Ten pictures of Asian (5 females)
and Caucasian (5 females) black and white faces
were used to represent the Asian and Caucasian
categories. Similarly, eight places and symbols
were chosen to represent the American and Japanese
attributes. The stimuli was similar to the one used
in [5, 19], however, the places and symbols were
presented as words rather than pictures to match
the requirements of the FreeIAT 1.3.3 software on
which the experiemnt was administrated [14].

3. METHOD
3.1. Design

Japanese listeners were divided into 3 different
groups (between subject design) where they
completed two rating tasks (within subject design).
The first task, which will be referred to here as the
baseline condition, consisted of audio-only stimuli
and was the same for all groups in order to ensure
that all the participants were initially performing
the rating task in a comparable way. The second
task, which will be referred to as the experimental
condition, used the same audio files for each group,
however, these audio files were either combined
with different visual cues (video of an Asian speaker
or video of a Caucasian speaker) or presented as
audio-only stimuli. This is a variation of the
matched guise technique [8] in the way that it
presents the same auditory stimuli with different
visual cues (the guise). Apart from the perception
task participants were asked to complete an Implicit
Association Test [5] in order to measure their bias
towards “American=Caucasian” association.
3.2. Participants

Forty-eight Japanese native speakers (24 males and
24 females) were recruited in the Tokyo area. They
were aged between 18 and 35 years old (mean =
22.5, SD = 4.5) with no reported history of visual or
hearing impairment. All participants assessed their
overall English level as pre-intermediate or above,
or reported having passed an English certification
exam on an intermediate level (CEFR B1). None of
the participants stayed or lived abroad longer than 1
year, with a mean of 2.6 months (SD = 3.6 months).
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4. RESULTS AND DISCUSSION

Figure 1: The general design of the experiment.
Forty-eight Japanese native speakers was divided
into 3 groups and completed two rating tasks, here
baseline and experiment.

The research question in this study was whether
non-native listeners would perceive native English
utterances as more accented (less native-like)
when they believe that the speaker is Asian than
when they believe that the speaker is Caucasian.
Moreover, the participants were given an Implicit
Association Test to measure the strength of their
“American=Caucasian” association.
IAT. One participant was excluded from the IAT
analysis due to having latency lower than 300 ms
for more than 10% of the trails [6]. The IAT
scores of Japanese participants were, on average,
higher than zero (M=0.68, SD=0.20, t(46)=23.57,
p<0.001) indicating overall preferences towards the
“American=Caucasian” pairing.
In order to explore, whether this bias did, as
would the RLS model predict, lead to lower (more
accented) accentedness ratings the raw accentedness
ratings were converted into z-scores as advised
in [18]. The plotted data in Fig. 2 indicate that there
is presumably no difference between the groups in
the baseline condition (about 0.01 to 0.03 point
difference between the means). This suggests that
participants in this study were rating the level of
accentedness in English utterances similarly when
presented with the exact same audio-only stimuli in
the baseline condition.
The ratings in the experimental condition, though
arguably further apart, also seem to be comparable
(about 0.07 to 0.13 point difference between the
means). Overall, listeners appear to be rating the
utterances in the experimental condition as slightly
more accented than the utterances in the baseline
condition. This effect is visible across all groups
regardless of the speaker’s ethnicity and could be
due to some acoustic features of individual speakers
in the experimental condition, which made them
"sound" less native-like when compared to the other
speakers recorded for this study.
In order to determinate whether there is, indeed,
no effect of the speaker’s perceived ethnicity (i.e.,
all groups were assigning comparable accentedness
ratings in the experimental condition) the data were
analyzed with R language [15] using the linear
mixed effects model implemented with the lme4
function [1].
Group (Asian video, Caucasian
video, and audio-only), Condition (baseline and
experimental) and their interaction were all modeled
as fixed effects. Moreover, the self-reported English
level was also added to the model as a fixed effect in
order to investigate whether the English proficiency
had any effect on the accentedness ratings. Random

3.4. Procedure

Speech Perception. Participants were randomly
assigned to 1 of 3 different groups: Asian group,
Caucasian group, or Audio group. They were
instructed to look at the screen and to listen to each
utterance which was proceeded by a fixation cross
and a beep sound in order to draw the listener’s
attention. After listening to each utterance they
rated its’ accentedness on a 9-point Likert scale
(1 - non-native speaker, 9 - native speaker) and
proceeded to the next item. A 9-point Likert scale
was employed since it was demonstrated to be the
most appropriate for accentedness judgments [3].
Participants in each group rated the stimuli in
two different conditions separated by a break: (1)
baseline (40 utterances) and (2) experimental (60
utterances). Half of the participants were presented
with the experimental condition prior to the baseline
condition. Figure 1 shows the general flow of the
experiment.
Implicit Association Test. Upon completing the
perception experiment participants were given an
Implicit Association Test (IAT). They were asked
to classify as fast as possible a set of pictures
of Asian and Caucasian faces along with a set of
words representing the concept of American and
Japanese [6, 5] by pressing a key on the keyboard.
In the congruent category Caucasian face and the
concept of American (place or symbol) shared
the same response key, while in the incongruent
category Asian face was paired with the concept of
American (place or symbol).
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intercepts for participant and item embedded in the
speaker were included along with by-participant
random slopes for the effect of Condition. Using
z-scores instead of the raw data as the response
variable allowed also to avoid potential issues with
non-normally distributed residuals. All p-values
were obtained using the anova function [10] which
provides the Satterthwaite’s approximation of the
degrees of freedom.

“American=Caucasian” bias. Hence, base on the
predictions of the RLS model, one might have
expected that the Japanese listeners would act like
the native English listeners in [16], that is they
would rate videos with Asian faces as more accented
than videos with Caucasian faces. However, that
was not the case. Japanese participants in the current
study did not rate the dubbed videos with an Asian
face as being more accented than the dubbed videos
with the Caucasian face. This finding is consistent
with [20], where merely changing the type of stimuli
from pictures to videos eliminated the initial face
effect showing that native English listeners were
performing the accentedness ratings based on a later
interpretation rather than the actual perception. In
this sense, it seems that native Japanese listeners
were rating the utterance based only on their actual
perception.

Figure 2: The mean ratings for each group in
the baseline and experimental condition converted
into z-scores with 95% confidence intervals.
Lower z-score indicates that the utterances were
rated as more accented.

5. CONCLUSION
This study evaluated whether the believed ethnicity
of the speaker would affect the accentedness ratings
of native English utterances judged by non-native
listeners from Japan. The results of the current
experiment suggest that Japanese participants
were not affected by the ethnicity of the speaker
presented in a dubbed video when assigning the
accentedness ratings to native English utterances
on a 9-point Likert scale. These results differ
substantially from the earliest studies where native
English listeners rated native English utterances as
more accented when presented with a static Asian
face than when presented with a static Caucasian
face. However, these results are consistent with a
more recent study where the native English listeners
were presented with dubbed videos of Asian and
Caucasian speakers.
Non-native listeners rated the level of
accentedness similarly to native listeners when
presented with audio-only utterances. Moreover,
non-native listeners showed a strong preference
towards “American=Caucasian” pairing. However,
they did not rate a video of an Asian speaker as
more accented than a video of a Caucasian speaker.
Therefore, the results do not support the RLS model,
but they are consistent with the theory presented
in [20]. Native English listeners in Rubin’s study
might have altered their ratings due to a later
interpretation rather then perception. In contrast,
non-native listeners in the current study seem to
be performing the rating task based only on their
perception without further interpretation.

The self-reported English level was not significant
(F(6, 39) = 0.35 , p = 0.91) indicating that
participants in this study were rating the perceived
accentedness level of the native English utterances
similarly regardless of their English proficiency.
Moreover, the Group x Condition interaction was
also not significant (F(2, 45) = 0.32, p = 0.72)
suggesting that the participants were assigning
comparable accentedness ratings not only in the
baseline condition but also in the experimental
condition. All other effects were also not significant
(all p’s > .05).
Native and non-native listeners, even those
non-native listeners who do not know the given
language, generally agree when evaluating the
level of foreign accent in audio-only stimuli [3,
12]. This claim was also confirmed by the lack
of significance of the self-reported English level
in the current study. It seems, therefore, that
non-native listeners are capable of rating native
utterances similarly as native listeners, even though
they may not be proficient in the given language.
Moreover, Japanese listeners demonstrated an

3694

6. REFERENCES

of Language and Social Psychology 18(1), 86–100.
[18] Yarnold, P. R., Soltysik, R. C. 2013. Ipsative
Standardization is Essential in the Analysis of
Serial Data. Obtimal Data Analysis 2(2), 94–97.
[19] Yi, H.-G., Phelps, J. E. B., Smiljanic, R.,
Chandrasekaran, B. 2013. Reduced efficiency
of audiovisual integration for nonnative speech.
The Journal of the Acoustical Society of America
134(5), EL387–EL393.
[20] Zheng, Y., Samuel, A. G. 2017. Does seeing
an Asian face make speech sound more accented?
Attention, Perception, & Psychophysics 79(6),
1841–1859.

[1] Bates, D., Mächler, M., Bolker, B., Walker, S.
2015. Fitting linear mixed-effects models using
lme4. Journal of Statistical Software 67(1), 1–48.
[2] Boersma, P., Weenink, D. 2010.
Praat:
Doing phonetics by computer [computer program].
version 6.0.16, retrieved 6 April 2016 from
http://www.praat.org/.
[3] Derwing, T. M., Munro, M. J. 2009. Putting
accent in its place: Rethinking obstacles to
communication. Language Teaching 42(04), 476.
[4] Derwing, T. M., Rossiter, M. J., Munro, M. J.,
Thomson, R. I. 2004. Second Language Fluency:
Judgments on Different Tasks. Language Learning
54(4), 655–679.
[5] Devos, T., Banaji, R. M. 2005. American =
White?
Journal of Personality and Social
Psychology 88(3), 447–466.
[6] Greenwald, A. G., Nosek, B. A., Banaji,
M. R. 2003.
Understanding and using the
Implicit Association Test: I. An improved scoring
algorithm. Journal of Personality and Social
Psychology 85(2), 197–216.
[7] Kang, O., Rubin, D. L. 2009. Reverse linguistic
stereotyping: Measuring the effect of listener
expectations on speech evaluation. Journal of
Language and Social Psychology 28(4), 441–456.
[8] Kircher, R. 2015. The matched-guise technique. In:
Hua, Z., (ed), Research Methods in Intercultural
Communication. John Wiley & Sons, Inc. 196–211.
[9] Koops, C., Gentry, E., Pantos, A. 2008. The effect
of perceived speaker age on the perception of PIN
and PEN vowels in Houston, Texas. 14(2), 12.
[10] Kuznetsova, A., Brockhoff, P. B., Christensen,
R. H. B. 2017. lmerTest package: Tests in
linear mixed effects models. Journal of Statistical
Software 82(13), 1–26.
[11] Levon, E. 2007. Sexuality in context: Variation and
the sociolinguistic perception of identity. Language
in Society 36(04), 533–554.
[12] Major, R. C. oct 2007. Identifying a foreign
accent in an unfamiliar language. Studies in Second
Language Acquisition 29(04).
[13] McGowan, K. B. 2015.
Social Expectation
Improves Speech Perception in Noise. Language
and Speech 58(4), 502–521.
[14] Meade, A. W. Nov. 2009.
FreeIAT: An
Open-Source Program to Administer the
Implicit Association Test. Applied Psychological
Measurement 33(8), 643–643.
[15] R Core Team, 2018.
R: A Language and
Environment for Statistical Computing.
R
Foundation for Statistical Computing Vienna,
Austria.
[16] Rubin, D. L. 1992.
Nonlanguage factors
affecting undergraduates’ judgments of nonnative
English-speaking teaching assistants. Research in
Higher Education 33(4), 511–531.
[17] Strand, E. A. Mar. 1999. Uncovering the Role of
Gender Stereotypes in Speech Perception. Journal

3695

SWEDISH "VIBY-I": ACOUSTICS, ARTICULATION, AND VARIATION
Fabienne Westerberg
University of Glasgow
f.westerberg.1@research.gla.ac.uk

ABSTRACT

1.1. Swedish vowels

The paper investigates acoustic and articulatory variation in Swedish “Viby-i”, an /i:/ variant with an
unusual vowel quality, characterised by a low F2.
Viby-i appears to be part of a vowel shift, but
its articulation is poorly understood, as speakers
may be able to achieve it through multiple articulatory strategies. This study uses audio and ultrasound tongue imaging recordings of 34 speakers
from Stockholm, Gothenburg, and Uppsala to explore variation in Viby-i acoustics, and its relation
to socio-geographic and linguistic factors. It also examines the possibility of articulatory trade-off, comparing the relationship between tongue gesture and
acoustic output. Viby-i is found to have a lower
F2 in highly educated speakers, shorter vowel durations, and specific consonant environments. There is
also a variable mapping between acoustics and articulation, such that F1 and F2 are partly disassociated
from tongue height and backness. Possible compensatory behaviours are considered that could explain
this phenomenon.

Central Standard Swedish has 18 vowels (Fig. 1),
divided into nine long/short pairs, which differ in
duration and quality [8]. In the long vowels, contrast is maintained by three degrees of lip-rounding
(e.g. [i:, y:, 0:]), and various offglides: high vowels take a closing gesture, ending in frication, e.g.
[i:j, u:B], while other vowels diphthongise towards
schwa, e.g. [e:@, o:@] [8]. Despite this, the high to
high-mid space is fairly crowded, and /E:/ and /ø:/
are reported to be shifting [12]. Perceptual overlap
has also been found between /i:/ and /y:/ [12].

Keywords: Swedish, vowels, acoustic phonetics,
articulatory phonetics, ultrasound tongue imaging

1.2. Viby-i

Figure 1: Central Standard Swedish vowels [7].

Viby-i, also known as Lidingö-i [14], is an /i:/ variant found in many parts of Central Sweden [9]. In
this paper, it is defined as an /i:/ which has a lower
F2 than /e:/. The low F2 results in an unusual
vowel quality, which may affect both /i:/ and /y:/
[1, 4, 6, 14]. While usually levelled in rural dialects
(e.g. Viby), this vowel is associated with prestige
and high socioeconomic class in the urban areas of
Stockholm and Gothenburg. For this reason, it is
said to be spreading rapidly, and Bruce [4] believes
it will soon become the new standard variant. However, little is known about how common Viby-i is, or
how it is realised in different parts of the country.
There are two experimental studies of Viby-i to
date: Björsten & Engstrand [1] provide acoustic data
for one older male speaker from Kräklinge (near
Viby), and use an articulatory simulation model to
find potential articulatory strategies. They suggest
that Viby-i is a high central unrounded [1], which
may be produced with a raised tongue tip to amplify

1. INTRODUCTION
Many vowel studies use acoustic data to make inferences about articulation, based on the finding that
F1 and F2 can be used to predict tongue position
[5, 19]. However, some vowels show the possibility
of articulatory trade-off, whereby speakers use different strategies to achieve comparable acoustic outputs [13]. One vowel suspected of this is Swedish
“Viby-i”, an /i:/ variant with an unusual, “thick”,
“buzzing”, “damped” vowel quality [9]. This vowel
is characterised by a low F2, and a high F1 and F3,
but there are several articulatory strategies that could
produce this effect [3, 15, 16, 17]. Social or linguistic factors could also condition variation in this
vowel [4, 14]. This study explores such variation in
both acoustics and articulation, to create a phonetic
profile of Viby-i, and to contribute to a fuller understanding of vowel production.
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produced 51 tokens of /i:/, and 9 tokens of every
other vowel. Demographic information, as well as
information about social behaviours and attitudes,
was collected through a questionnaire.

its “damped” quality. They also find that Viby-i is
perceptually close to Turkish [1].
Frid et al. [10] investigate the tongue dynamics of
/i:, y:, 0:/ in 27 speakers from Stockholm, Gothenburg, and Malmö, using electromagnetic articulography. They report that Viby-i is produced with a
lower and backer tongue body, and different tongue
tip behaviour, than [i:]. Viby-i was absent in Malmö
speakers, and less common in speakers from the
outskirts of Stockholm and Gothenburg. Different
tongue gestures were also found for /i:/ and /y:/,
despite previous literature stating that these vowels
are only distinguished by lip rounding.
In addition to these studies, a perceptual pilot experiment for this study, relying on ratings from three
non-native listeners, found that Viby-i was perceived
as “stronger” in speakers with lower F2.
The sociolinguistic properties of Viby-i have not
been examined in detail, but the presence or absence
of this sound in young people was found to signal
local identity in a suburb of Gothenburg [11], and
gender and class in Stockholm [14]. It is also common in young Gothenburg speech [12].

2.3. Equipment

Recordings consisted of simultaneous audio, lip
video, and ultrasound tongue imaging (UTI). UTI
uses echolocation to generate an image of the tongue
surface when an ultrasound probe is placed under
the chin [20]. The output is a midsagittal image
of the tongue contour. The hard palate can also
be imaged when swallowing. This study used an
Echo-Blaster 128 ultrasound with a 2-4 MHz convex probe, recording at 67.19 fps. The probe was
held in place by a stabilising headset [22], and the
probe angle was standardised using a bite plate [18].
Audio was collected using an Audio-Technica
AT831b lapel microphone, sampling at 44,100 Hz.
A profile view of the participant’s mouth was
recorded with a custom-made headset camera [22],
collecting NTSC video at 29.97 fps (interlaced).
2.4. Data preparation

2. METHOD

The acoustic data was hand-segmented in Praat [2],
and average F1 to F4 measures taken across each
10% of the vowel duration. Since the vowel segments included offglides as well as vocalic portions
(Fig. 2), this analysis is based on the first 10%, due
to the observation that offglides can start as early as
30% into the vowel. For brevity, only /i:, y:, e:, A:,
u:/ are presented in this paper.

2.1. Speaker sample

34 native Swedish speakers from Gothenburg,
Stockholm and Uppsala were recorded. Table 1
shows their distribution across city, age, and gender. Most participants had a university education,
which was used as a proxy for socioeconomic class.
The sample was largely homogeneous in terms of
language background, ethnicity, and gender identity.
The coding of the social variables is described in 3.2.

Figure 2: Waveform and spectrogram of Viby-i in
a young female speaker saying pita [ph 1J ta]. The
˜
vowel segment includes the fricated offglide.

Table 1: Distribution of speaker sample.

Age
18-29
30-49
50-80

Gothenburg
2F, 2M
2F, 2M
2F, 2M

Stockholm
2F, 2M
2F, 2M
2F, 2M

Uppsala
2F, 2M
2F, 2M
2F, 0M

2.2. Materials

Speakers produced three randomised repetitions of a
word list, comprising the long vowels /i:, y:, 0:, e:,
ø:, E:, A:, o:, u:/ in varying contexts. All vowels varied in syllable context (bi/bita), and following consonant place (bita/biga). In addition, /i:/ varied in
preceding consonant voicing (bita/pita), preceding
consonant manner (bita/vita), and following consonant manner (vita/vira/vila/vina/visa). Each speaker

The UTI data was prepared in Articulate Assistant Advanced [21], importing time stamps from
Praat, and manually drawing an outline of the tongue
surface at 10%, 50%, 90% of the vowel duration. The 10% tongue splines for /i:/ are presented
here, contextualised by the palate and the smaller
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each formant), comparing the distributions of /i:, y:,
0:, e:/. The model showed no difference between
any of these vowels in normalised F1, but significant differences between /i:, e:, 0:/ in normalised
F2 (p<0.01), and significant differences between all
vowels in normalised F3 and F4 (p<0.001). Each
vowel thus had its own distinct formant profile.

vowel set. Tongue contours are not normalised between speakers, as there is currently no generally accepted method for normalising UTI data. This paper
presents preliminary ultrasound results from the female speakers only, and will not present lip data, or
measures of vowel frication.
3. ACOUSTIC RESULTS

3.2. Social stratification
3.1. Viby-i in the vowel space

All speakers in the sample produced /i:/ with a
lower F2 than /e:/, but the degree of F2 lowering
was variable. To examine if this variation was conditioned by sociolinguistic factors, an LMER was run
to investigate the effects on normalised F2 of:
• City, expecting Viby-i to be absent in Uppsala,
and different between Gothenburg and Stockholm due to dialect differences.
• Distance from city centre, expecting speakers
who grew up in central Stockholm or Gothenburg to have stronger Viby-i (lower F2).
• Age, expecting younger speakers have stronger
Viby-i, if this is a change in progress.
• Gender, expecting women to have stronger
Viby-i than men, due to prestige and possible
change in progress.
• Education, expecting speakers with higher education (class) to have stronger Viby-i.
• Local identity, expecting locally “patriotic”
speakers in Gothenburg and Stockholm to have
stronger Viby-i, since it is a local marker.
• Linguistic awareness, expecting linguistically
aware speakers in Gothenburg and Stockholm
to have stronger Viby-i, due to prestige.
• Social hobbies, expecting highly social speakers in Gothenburg and Stockholm to have
stronger Viby-i, due to prestige and possible
change in progress.
• Random factors: Speaker and word, to account
for effects of data clustering.
The only significant effect was education, in that
normalised F2 decreased when education increased
(β = -0.35, p<0.05). In other words, highly educated
speakers had a stronger Viby-i. However, this is a
fairly weak effect, and the sample was not normally
distributed. Nevertheless, given the scaling of Fig. 3,
it is likely that this difference would be audible to
listeners.

Viby-i is characterised by a markedly low F2, and a
high F1 and F3. Fig. 3 shows the position of /i:/ in
the (normalised) vowel space, and Table 2 provides
reference values in Hz. Viby-i has a similar F1 to
/e:/, but its F2 is considerably lower. Meanwhile,
/e:/ does not appear to have shifted, leaving the high
front part of the vowel space empty.
There is considerable overlap between /i:/ and
/y:/, with /y:/ having slightly lower formant values overall, presumably as a result of lip-rounding.
These values nevertheless suggest that /y:/ is Vibycoloured in these speakers, supporting findings of
perceptual overlap between /i:/ and /y:/ [12].
Figure 3: Normalised F1/F2 for all speakers.
Normalised F1/F2 (Lobanov)
0.8

vowel

1.0

F*1

i
y
e
ɑ
u

1.2

1.4

2.0

1.5

1.0

0.5

F*2

Table 2: Mean F1-F3 (Hz) by gender.

Females
F1
F2
F3
Males
F1
F2
F3

/i:/
398
1946
3209
/i:/
337
1709
2741

/y:/
394
1892
3043
/y:/
332
1660
2576

/e:/
398
2368
2945
/e:/
341
1994
2513

3.3. Linguistic environment

The same method was used to investigate the effects
of linguistic environment on normalised F2, using
the following factors:
• Word frequency, to account for some words in

To determine if perceptual overlap was likely to
occur with other nearby vowels, four linear mixed
effects regression (LMER) models were run (one for
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the list being more frequent than others.
• Vowel duration, expecting longer vowels to
have stronger Viby-i, since this phenomenon is
mainly documented in long vowels [4].
• Preceding fricative, expecting Viby-i to be
stronger after frication, as coarticulation might
enhance its alleged “buzziness”.
• Preceding voicelessness, esp. in plosives, as aspiration might have similar effects to above.
• Following backness, expecting Viby-i to be
stronger before back consonants, if it too is produced with a backed tongue position.
• Following complexity, expecting Viby-i to be
stronger before complex consonants, if it too
is produced with a complex articulation.
• Random factor: Speaker.
Normalised F2 decreased significantly (p<0.001),
i.e. Viby-i was stronger, when vowel duration was
short (β = -0.0002), when followed by a complex
consonant (β = -0.02), and when preceded by a
fricative rather than a plosive (β = -0.08). The difference between fricatives and plosives was smaller
when the consonant was voiced (β = -0.03). Based
on the small coefficients, however, it is questionable
to what extent these differences are audible.

Figure 4: Mean tongue contours of two female
speakers with similar F1, facing right.

5. DISCUSSION & CONCLUSIONS
The study supports previous findings that Viby-i is
characterised by a low F2, and high F1 and F3.
However, speakers are variable in acoustics, and the
reasons behind this variation are not yet clear. The
correlation between low F2 and high education suggests that Viby-i may be a prestige marker, but a
more balanced sample is required to confirm this.
The fact that all speakers in the sample used Vibyi is surprising, as this vowel has not previously been
documented in Uppsala, and is usually absent in
phonetic descriptions of Swedish. Based on these
results, Viby-i is likely to be more common in Central Sweden than previously believed. The prevalence of Viby-i in older speakers could also mean
that, at least in larger cities, this vowel shift may already have taken place.
The linguistic effects are difficult to explain before learning more about the articulation of this
vowel, but the link between shorter duration and
lower F2 ties in with previous reports of Viby-i as
a centralised vowel. Similarly, the link between
low F2 and complex consonant environment suggests that complex tongue shapes may help explain
the quality of this vowel. The role of the tongue in
producing frication or “buzziness” will be explored
further in future work.
The variable mapping between acoustics and articulation raises many questions, not only about
Viby-i, but other vowels as well. How common is
this kind of variation? Do speakers use it to compensate for vocal tract differences, or do they simply
have preferred strategies? How do we investigate the
relationships between complex tongue shapes and
acoustics? For Viby-i, it seems that the traditional
measures of tongue height and backness are not sufficient; instead, overall tongue gesture, and its relation to the acoustic chamber, seem to create the
impression of this unusual vowel.

4. ARTICULATORY RESULTS
The acoustic results suggest that Viby-i is produced
with a backed, somewhat lowered tongue gesture,
but the female UTI data shows that this is not the
case in most speakers. Instead, Viby-i is mainly
characterised by tongue lowering, as exemplified in
Fig. 4 (right speaker). Only five out of 18 speakers had similar tongue heights for /i:/ and /e:/ (c.f.
left speaker), but in these cases, the tongue body was
usually fronted. There is thus a variable mapping between tongue position and F1/F2. For example, the
speakers in Fig. 4 have very different tongue heights,
but their F1 values are similar (460 vs. 520 Hz),
while their F2 values differ greatly (2180 vs. 1890
Hz). This phenomenon persists after normalisation.
In the right speaker, tongue lowering causes some
tongue root retraction, but it is unclear whether this
could have such a disproportionate pull on F2.
There is also inter-speaker variation in the tongue
shape used for Viby-i. The tongue may be convex,
steeply sloping, plateaued, or bunched (constricted
at the front and the back, with a dip in the middle),
while still producing similar acoustic output. Some
of these shapes are more reminiscent of a consonant
(e.g. /ô/) than a vowel. Note that /y:/ takes an almost identical tongue gesture to /i:/, which explains
their acoustic overlap.
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ABSTRACT
A growing body of evidence reveals that tune
meaning is multidimensional and flexible, with the
choice of a tune depending both on linguistic and
metalinguistic purposes. This study explores how
perlocutionary meaning is influenced by tune for
requests and offers. Two female speakers of
American English produced 96 request-offer pairs in
the form of polar questions with both rising and
falling tunes. Using an online survey system,
participants’ ratings of speaker authority were
elicited. Falling tunes raised speaker authority to a
greater degree for requests than for offers. Speaker
2, who had generally larger f0 movements than
Speaker 1, was rated as more authoritative. Hence,
different intonational tunes are assessed along with
their metalinguistic and social dimensions, with
individual differences in tune implementation also
modulating listeners’ judgments.
Keywords: rising/falling tunes, perlocutionary
effects, online survey, request and offer.
1. INTRODUCTION
Traditional accounts of the semantics of intonational
contours assume compositionality, such that the
meaning of a given contour depends on the
combined functions of pitch accents and boundary
tones [7]. This framework, however, has yet to
incorporate recent research showing that affective
meaning may influence the judgement of speech act
(e.g., statement vs. question [8]), that the speaker
may choose different tunes (e.g., for requests and
offers) according to their familiarity with the listener
[1, 5], or that perlocutionary meaning is a function
of both sentence type and tune [6].
In the current study, we investigate the interplay
of tune and illocutionary force on perlocutionary
effects with the ultimate goal of better definin g
intonational meaning by looking at the
multidimensional interpretations that intonation can
evoke. More specifically, we explore how
perlocutionary meaning is influenced by tune (risin g
vs. falling) for two distinct, yet comparable
illocutionary acts: requests and offers (e.g., Can
[you/I] check the weather for [me/you]?).
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In our study, an interpretational rating task
elicited participants’ responses along three scales,
including speaker AUTHORITY (cf. [1, 6, 10, 5]).
In line with [6], we expected the combination of a
falling contour and the use of a polar question to
evoke a perception of higher speaker authority than
the same sentence type with a rising tune. We also
expected a possible asymmetry between requests
and offers with respect to the effects of falling tune
on perceived speaker authority. Because requests are
highly face-threatening [2], the use of a fallin g
contour might evoke increased speaker authority.
2. BACKGROUND
In the Autosegmental-Metrical (AM) framework, [7]
propose that speakers choose a particular tune to
specify a particular relationship between the
propositional content realized in the intonational
phrase over which the tune is employed, the mutual
beliefs of participants in that discourse, and
presumed subsequent contributions to the discourse.
For [7], tunes bear meaning and the meaning is
composed of three different types of tones (pitch
accents, phrasal accents and boundary tones), which
convey information about the discourse function of
different parts of the utterance. The smallest tone
unit, the pitch accent, conveys information about
discourse referents, predicates, and the relationships
between them, while phrasal accents convey the
degree of relatedness to the immediately precedin g
and following phrases. Finally, boundary tones
determine whether a given phrase is interpreted with
the speaker’s subsequent discourse contribution or
not.
However, this tonal inventory is insufficient to
describe certain types of variability in interpretation
that have been observed. It is also necessary to take
into account the fact that these tunes are linked to
both illocutionary force (e.g., polar questions in
English are often assumed to have a rising tune by
default, but this association might vary with synta x
[6]) and perlocutionary force (e.g., emotional state
[10], power relations [4], sincerity [9], politeness [1,
5]).
Previous research on AE [6] has shown that
across different sentence types such as polar
questions,
imperatives,
WH-questions
and

declaratives, the use of a level tune consistently
conveyed more speaker annoyance than other tunes.
On the other hand, a falling tune conveyed authority,
and a rising tune conveyed politeness and favourable
stance to the speaker. However, this effect of tune on
perlocutionary force was affected by sentence type.
Sentences that were biased towards an invitation
illocution were interpreted to convey much more
annoyance when they were polar interrogatives than
when they were declaratives (e.g., Do you wanna go
to the movies? vs. We can go dancing. (actual
stimuli from [6])), but using a declarative for a
request conveyed a greater perception of annoyance
and diminished perception of politeness.
This previous research has thus examined the role
of sentence type and tune on perlocutionary force, as
well as the effect of sentence type and illocutionary
force on perlocutionary force. In the present study,
in order to examine the effects of illocutionary force
and tune on perlocutionary force, we fix the tune to
rising (L*L-H%) or falling (H*L-L%), and the
illocutionary force to offers and requests.
Specifically, we consider the contrast between
requests and offers with polar question syntax,
which sets aside the issue of sentence type and
allows us to have a controlled manipulation of
illocutionary force.
We believe that requests and offers are apt for
this experiment because they are socially relevant
illocutionary acts. They are charged exchanges with
consequences for perceived politeness, sincerity,
power and entitlement [3]. Additionally, both may
be explicitly marked as polar questions with
virtually identical surface syntax (Can [you/I] bring
[me/you] some water?), and they have relatively
transparent surface illocutionary force. They are
conversational, and this particular form of question
has been shown to be used in situations where the
speaker believes the conditions for her/his request to
be carried out are met [3].
Moreover, such questions should normally be
produced with a rising tune, but can also be
produced with a falling tune. As noted previously, in
AE, tune has been shown to modulate stance, mood,
authority, and politeness for requests [6]. In Catalan,
tune for both requests and offers is also associated
with social factors [1, 5]. [1] and [5] have shown
that a greater social distance (e.g., strangers vs.
siblings) between two participants in an exchange
leads to the use of more falling tunes and lower
pitch, while a higher cost of action (e.g., borrowing a
car vs. asking for directions) leads to the use of more
rising tunes.
The present paper reports the interim findings of
a larger scale project that investigates the effect of
tunes on multidimensional perlocutionary forces in
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and out of context. Here, we focus on the effect of
rising/falling tunes on the interpretation of speaker
authority without contextual information.
3. METHODS
2.1. Corpus
A corpus of 96 request-offer pairs was created, in
which all sentences were in the form of polar
(yes/no) questions. Given that the cost of the action
might impact tune choices [1, 5], task difficulty was
rated on a written form of each offer and request
sentence using Mechanical Turk. Fifty-two
participants who self-reported as native speakers of
AE evaluated the difficulty of completing a task (for
requests) or asking someone else to complete a task
(for offers) on their behalf on a continuous scale
ranging from -100 (very easy) to 100 (very difficult).
All items were judged as relatively easy (mean
score: -29.5, SD = 4.3), with requests being slightly
more difficult than offers (t=2.8, p < .001).
For the perlocutionary ratings, the request-offer
pairs were produced with rising (L* L-H%) and
falling (H* L-L%) contours by two female speakers
of Midwestern AE who are well-trained on prosody
and intonation phonology. Figs. 1 and 2 show an
example of pitch tracks and ToBI annotation for f0
rises and falls for both speakers.
Acoustic analyses of the stimuli showed similar
speech rates for the two speakers, while individual
differences
were found
in the
phonetic
implementation of the f0 contours. In particular, for
Speaker 2, the nuclear pitch accent was higher
before falling contours and lower before risin g
contours (interaction between speaker and tune:
t=11.83, p<.001). Furthermore, both the rising and
falling contours had larger f0 movements for
Speaker 2 than for Speaker 1 (interaction between
speaker and tune: t=3.26, p<.05).
Figure 1. Two renderings of the request-offer pair
Can [you/I] check the weather for [me/you]?
produced by Speaker 1.
H*

L*

L- L%

L-

H%

Figure 3. Screenshot of test item asking
participants to judge who has more authority in the
situation.

Figure 2. Two renderings of the request-offer pair
Can [you/I] check the weather for [me/you]?
produced by Speaker 2.
H*

L*

L- L%

L-

H%

4. RESULTS

2.1. Participants and procedure
A Mechanical Turk online survey collected
responses from 240 American English native
speakers. Each participant was randomly assigned to
one of 24 lists of 96 items. The lists were created by
combining all experimental factors using a Latin
Square design: 2 utterance types (request/offer) X 3
question types (authority/mood/sincerity) X 2 tunes
(rising/falling) X 2 speakers (Speaker 1/Speaker 2).
Each participant received only one of the three
scales per item. Here we will focus on results on the
‘authority’ scale (N = 7559).
Participants were asked to wear headphones or
earbuds and to sit in a quiet room with no
background noise. Prior to the task, participants
responded to a short demographic questionnaire
including questions about their language background
and language use, age, educational level and current
occupation. Before starting the rating task, they
listened to an unrelated item in order to adjust the
volume to a comfortable level.
Each trial presented an audio file, which could be
heard twice by pressing a play button. After the
audio file was played, participants saw a written
question (Who does the speaker think has more
authority in this situation?), which was presented
along with a continuous sliding scale. The poles of
the scales were labeled The speaker and The listener
at their right and left extremes, with the position of
the labels being flipped in a half of trials to prevent
bias from scale order. The sliding scale had an
arbitrary range from -100 to 100. Listeners were
required to adjust the slider bar left or right to reflect
their own answer. A screenshot of a test item is
illustrated in Fig. 3.
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We included in the analysis only data from
participants who completed more than 80% of the
survey (as typical in standard perception
experiment).
Fig. 4 shows the mean score for participants’
judgments along the scale of authority. Scores were
converted such that positive values in the y-axes
indicate that the listener was judged as more
authoritative than the speaker while negative values
indicate that the speaker was judged as more
authoritative than the listener. The mean scores are
-11.1 for requests and 20.5 for offers across speakers
and tunes, indicating that requests conveyed more
speaker authority while offers conveyed more
listener authority. Furthermore, perceived speaker
authority increased when requests were uttered with
a falling (Speaker 1: -21.3; for Speaker 2: -32.2)
than a rising tune (Speaker 1: 8.5; for Speaker 2:
0.3).
A mixed effects model tested the effects of three
predictor
factors:
UTTERANCE
TYPE
(request/offer),
TUNE
(rising/falling)
and
SPEAKER (Speaker 1/Speaker 2) on the ratings for
the authority scale. LISTENERS and ITEMS were
included as random intercepts with a maximal
random slope structure.
Results confirmed that requests led to higher
speaker authority than offers (t=7.23, p<.001).
Falling tune generally reduced listener authority
(i.e., increased speaker authority) (t= -8.82, p<.001),
with a larger impact of the tune for requests than
offers (t=3.61, p<.01). Speaker 2 was rated more
authoritative than Speaker 1 regardless of utterance
type and tune (t=4.78, p<.01). Also, Speaker 2
sounded more authoritative than Speaker 1 for
requests (t=2.28, p<.05), irrespective of the tune.

Figure 4. Means and standard error for perceived
authority for requests (top) and offers (bottom),
split by tunes and speakers.
Requests

Requests

Speaker1

Speaker2

as resulting from variability in tune implementation.
Speaker 2 (who was judged as more authoritative
than Speaker 1) realized larger f0 dynamic changes,
with the nuclear accents having more extreme
melodic values. It is possible that the lower L* and
the steeper fall after H* for Speaker 2 might have
increased perceived finality, thus resulting in higher
speaker authority in requests. This would be also in
line with the ‘frequency code’ by which a low
f0/falling f0 would paralinguistically convey more
‘assertiveness, dominance and authority’ [11].
Additionally, various prosodic cues (e.g., voice
quality) might have enhanced the interspeaker
differences.

listene
100 r
50

Perceived authority

0
-50

speaker
-100
Offers

Offers

Speaker1

Speaker2

100 r
listene
50
0

6. CONCLUSIONS

-50

speaker
-100
Rising

Falling

Rising

Falling

Tunes

5. DISCUSSION
The present results reinforce findings that
intonational tune is a fundamental cue for
perlocutionary/affective meaning. We focused on
two distinct, yet comparable illocutionary acts
(requests and offers) and we looked at their
interaction with tune (rising and falling) on
perceived authority.
All request-offer pairs referred to relatively easy
tasks, which minimizes the impact of the cost of the
action on tune interpretation. We found that requests
evoke higher degrees of speaker authority regardless
of intonation. Requests are speech acts with higher
costs than offers for the listener/addressee, i.e., they
are usually made to get the addressee to perform an
action for the benefit of the speaker. Hence, they
might indicate an authority imbalance in favour of
the speaker. On the other side, offers inherently
favour the listener, thus evoking higher listener
authority. Furthermore, the falling tune led to a
relatively stronger perception of speaker authority
for the requests than for the offers. This may imply
that participants considered the falling tune as more
deviant from the social norm for making a request
than for making an offer. Given that, in AE, such
questions are usually produced with a rising tune,
the use of a falling tune might be associated with the
idea that the speaker is more confident regarding the
potential for the interlocutor to accept the
proposition of the question [1].
Finally, individual differences across speakers
modulated listeners’ judgments. Since both speakers
produced the same intonation contour (L*L-H% for
rises and H*L-L% for falls), we interpret this effect
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Contrary to the traditional distinction between
linguistic and paralinguistic meaning of intonation,
our work suggests that the different social
ramifications of different illocutionary acts can
influence how tune maps onto meaning. We aim to
further investigate the correlations among different
interpretational dimensions, and test how the
presence of the discourse background or knowledge
of speaker-listener power relationships influences
utterance assessments.
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response to speaking rate modifications. For
example, it has been shown that speech is generally
hyperarticulated when speaking rate is slow and
hypoarticulated when speaking rate is fast [4,5,
10,12,18]. However, little is currently known about
how individual articulators that form a synergy
during sound production (e.g., tongue and jaw)
respond to these speaking rate changes.
Findings of previous studies on diadochokinetic
movements suggest a reorganization of articulatory
behavior due to articulator-specific response
patterns to rate changes. For example, when
accelerating syllable repetition rates, it has been
shown that some speakers reduce jaw contribution to
vocal tract shape changes by limiting jaw
displacements and relying more on independent
tongue and lower lip displacements [7,21]. However,
a variety of other articulatory strategies were also
observed [7, 14, 18, 21]. It was speculated that
articulatory strategies may depend on the speaker’s
skill level to perform diadochokinetic tasks [18].
Systematic investigations of articulator-specific
response patterns to rate changes in connected
speech are surprisingly rare. Further, although
commonly assumed, to our knowledge a rateinduced reorganization of articulatory behavior has
not been documented for connected speech.
Therefore, the current study sought to determine rate
effects on jaw and independent tongue
displacements associated with vocal tract shape
changes during the production of the diphthong /aɪ/
embedded in connected speech. The study also
aimed to determine how speakers reorganize their
articulatory behavior in response to rate changes by
examining jaw contribution to overall tongue
displacement during slow, typical, and fast speech.

ABSTRACT
Economy of effort is a principle of speech motor
control that is thought to underlie rate-related
changes in articulatory behavior. In this current
study we aimed to determine the extent to which
economy of effort is reflected in the response
patterns of individual articulators that form a
functional unit (synergy) during speech production.
We examined slow and fast speech effects on jaw
and independent tongue displacements associated
with vocal tract shape changes during the production
of the diphthong /aɪ/. Group findings suggest that
speakers increase jaw and independent tongue
displacements in response to slow speech but
decrease only the independent tongue displacements
in response to fast speech. Jaw contribution to
overall tongue displacement was lowest during
typical speech and increased during fast and slow
speech. Inspection of each speaker’s response
pattern to rate changes, however, suggests great
inter-speaker variability in articulatory strategies.
Theoretical and clinical implications are discussed.
Keywords: speaking rate manipulation, speech
kinematics, tongue – jaw interactions
1. INTRODUCTION
Speech production requires coordinated movements
of multiple articulators to achieve vocal tract shapes
that produce the intended speech acoustic signal.
Perturbation studies have demonstrated that
speakers are quite flexible with regards to the
amount to which each articulator contributes to the
overall vocal tract shape changes [1-3]. Trading
relations between articulators have also been
observed during natural (unperturbed) speech, for
example reciprocal covariation between tongue
body raising and lip round during the production of
/u/ [16]. This flexibility is thought to accommodate
‘ease of movement’ and optimize the biomechanical
effort during speech production [13,17].
Economy of effort is also thought to drive
changes in articulatory behavior that occur in

2. METHOD
2.1. Participants
30 native English speakers (16 males,14 females)
participated in this study. Speakers were recruited as
controls for a larger project on speech performance
in speakers with dysarthria. The mean age of the
speakers was 64.5 years (SD = 10.1 years).
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Participants reported no history of speech, language,
or hearing impairment and passed a cognitive
screening.

sensor were extracted at the defined onset and offset
and the 3D Euclidean distance between onset and
offset was calculated for each articulator. Jaw
displacements at the location of the posterior tongue
sensor were estimated taking into account jaw
rotation [20]. Independent tongue displacement was
calculated by subtracting the estimated posterior jaw
displacement from the measured posterior tongue
displacement [11]. Finally, diphthong durations
were based on the tongue kinematic signal with
described onsets and offsets for the diphthong /aɪ/.

2.2. Experimental Tasks
As part of a larger experimental protocol, all
participants were asked to produce five repetitions of
the sentence “She saw a boy with a kite hiding behind
the house” at their typical speaking rate. Then,
participants were asked to produce the same
sentence five times with approximately half their
typical speaking rate, and five times as fast as
possible. The order of the two rate conditions varied
across participants.

2.5. Statistical Analysis
Speaking rate effects were evaluated using linear
mixed effects models. To control for within-subject
effects participants were entered as random effects.
Dependent variables were diphthong duration, jaw
displacement, independent tongue displacement,
overall tongue displacement, and percent jaw
contribution to overall tongue displacement. In
addition to group findings, speaker-specific response
patterns to rate manipulations were analyzed.

2.3. Kinematic Data Acquisition and Processing
In this study, the diphthong /aɪ/ in the word “kite”
was of specific interest. This speech segment was
chosen because it elicits rapid vocal tract changes
that are evoked by tongue and jaw displacements.
Further, segment boundaries were well-defined in
the tongue kinematic signal across all rate
conditions. Tongue and jaw movements were
recorded using three-dimensional electromagnetic
articulography
(Medizinelektronik
Carstens
AG501). Specifically, posterior tongue movements
were recorded by attaching a small sensor coil to the
midline of the tongue approximately 4cm from
tongue tip using dental glue. Jaw movements were
recorded by placing a small sensor coil on the
gumline of the front central incisors using a small
amount of putty (Stomahesive). Further, a sensor
coil was attached to the tip of the tongue, the upper
lip and the lower lip.
Participants wore a pair of goggles which had
three head reference sensors attached. A resting
recording was completed during which participants
held a small biteplane with sensors between their
teeth. Head reference sensors and biteplane sensors
were used to correct for head movements and reexpress the data relative to an anatomically-based
coordinate system using Normpos [15]. Finally,
kinematic data were smoothed in SMASH [6] using
a 15 Hz low pass filter.

3. RESULTS
3.1. Diphthong Durations
Instructions to speak faster and slower elicited
significant changes in diphthong duration [F(2,
147.5) = 204.8, p < .001]. As can be seen in Figure
1, diphthong durations associated with fast speech
were significantly shorter than those associated with
typical speech and slow speech (p < .001). Further
diphthong durations associated with slow speech
were significantly longer than those associated with
typical speech (p < .001) and fast speech (p < .001).
Figure 1. Mean diphthong durations (+/- SE)
across rate conditions.

Diphthong Duration (s)

0.6

2.4. Kinematic Data Analysis
The steps for kinematic data analysis paralleled
those described in [11]. That is, first kinematic onset
and offset positions of the diphthong /aɪ/ were
determined based on the positional extrema of the
posterior tongue in the vertical dimension. Then, 3D
positions of the jaw sensor and posterior tongue
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3.2. Displacement

3.4. Speaker-Specific Speaking Rate Effects

Speaking rate had a significant effect on independent
tongue displacement [F(2,218.8) = 55.4, p < .001]
(Figure 2). Relative to typical speech independent
tongue displacements decreased during fast speech
(p < .001) and increased during slow speech (p <
.001). Speaking rate effects were also significant for
jaw displacement [F(2,172.4) = 50.0, p < .001]
(Figure 2). Although jaw displacements did not
significantly differ between typical and fast speech,
jaw displacements were significantly larger during
slow speech than during typical and fast speech (p <
.001). Finally, overall tongue displacements varied
predictably with speaking rate [F(2, 275.2) = 118.0,
p < .001]. Relative to typical speech overall tongue
displacements decreased during fast speech (p <
.001) and increased during slow speech (p < .001).

Figure 4 shows the three most common response
patterns of independent tongue and jaw to speaking
rate change and how these articulator-specific
changes impacted the synergistic tongue-jaw
relation during the diphthong productions. Finally,
Figure 5 displays the diphthong durations for these
three subgroups.
Figure 4. Three common articulator-specific
response patterns to rate changes (left panels)
and the resulting changes in jaw contribution to
overall tongue displacement (right panels)
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3.3. Jaw Contribution to Tongue Displacement
Speaking rate had a significant effect on the relative
contribution of the jaw to overall tongue
displacement [F(2,175.0) = 30.0, p < .001]. Jaw
contributions increased during slow and fast speech
relative to typical speech (p < .001) (Figure 3).
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Figure 5. Mean diphthong duration for three
subgroups across rate conditions
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Figure 3. Jaw contribution to overall tongue
displacement (+/- SE) across rate conditions
50

Jaw Contribution (%)

10

slow

Displacement (mm)

Displacement (mm)

Figure 2. Mean independent tongue and jaw
displacements (+/- SE) across rate conditions
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Speakers in group 1 (3M, 5F; median age: 67)
reduced both jaw and independent tongue
displacements as they accelerated their speaking
rate. During slow speech jaw contributions to overall
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tongue displacements tended to be greater than
during typical speech in this group; however, no
changes in jaw contribution were observed when
switching from a typical to a fast speech rate.
In group 2 (3M, 2F; median age: 68) jaw
displacements did not vary with rate; however,
independent tongue displacement decreased from
slow to fast speech. These articulator-specific
changes resulted in gradual increases in jaw
contribution to overall tongue displacement with
increase in rate. Diphthong durations were
comparable between group 1 and 2 across all rate
conditions (Figure 5) despite differences in the
relative contribution of the jaw to overall tongue
displacement and differences in the underlying
articulator-specific response patterns to rate change.
In group 3 (3M, 3F; median age: 56) jaw
displacement increased in response to slow and fast
speech; however, the magnitude of change was
greater for slow speech than for fast speech.
Independent tongue displacement did not change in
response to slow speech but decreased during fast
speech. In this group jaw contributions tended to be
greater during slow and fast speech relative to
typical speech. Finally, diphthong durations tended
to be longer during fast speech and shorter during
slow speech relative to those of group 1 and group 2.
In three cases jaw response patterns were similar
to those in group 3; however, independent tongue
displacements did not vary with rate. The jaw
contributions to overall tongue displacement were
also greater during slow and fast speech compared to
typical speech. These three speakers produced
relatively long diphthong durations during typical
and slow speech whereas diphthong durations during
fast speech were comparable to those produced by
speakers in group 1 and 2. Two speakers showed
minimal changes in jaw and independent tongue
displacement while successfully shortening and
prolonging diphthong durations. Finally, seven
speakers exhibited unique patterns of jaw and
independent tongue displacement changes for fast
and slow speech. In five of these seven speakers rate
manipulations altered jaw contributions to overall
tongue displacements.

reorganization of articulatory behavior as indicated
by the changes in the relative contribution of the jaw
to overall tongue displacement. Although the way in
which articulatory behavior was reorganized varied
widely across speakers, the underlying articulatorspecific changes could generally be explained by the
economy of effort principle [10,13,17]. For example,
the reduction in jaw displacements from slow to
typical speech aligns with the goal to minimize the
physical effort of moving such a massive structure at
a faster rate. An additional reduction of jaw
displacement during fast speech, however, was only
observed in a subgroup of speakers who produced
relatively large jaw displacement during typical
speech (Group 1). Considering that typical speech is
produced at about 75% of a speaker’s maximum rate
[19] it is not surprising that most speakers appear to
already move their jaw most economically during
typical speech. Once speech rate was increased
beyond the typical rate, many speakers only reduced
their independent tongue displacements to
economize effort (e.g., group 2 and 3). Although
displacement reductions and acoustic undershoot
have been reported frequently, particularly for
vowels [4, 5, 9, 12, 19], the current study contributes
new knowledge by showing that undershoot during
fast speech is typically driven by reductions of
independent tongue displacements, not jaw
displacements, at least for the production of /aɪ/.
Some speakers, however, did not display any
tongue or jaw displacement changes across the rate
continuum while others even exhibited increased
displacements during fast speech. All speakers
varied diphthong durations successfully; however,
some preferred to adjust their velocity rather than
their displacement. This observation aligns with
previous reports of inter-speaker differences in
articulatory strategies during rate increases [9].
Finally, previous studies on diadochokinetic
tasks suggested that speakers may not adjust control
parameters for rate globally but rather differentially
for each articulator [7]. Current findings further
support this notion. However, future studies should
aim to delineate factors that contribute to the wide
range of articulatory strategies across speakers. Our
current data suggest that age could be one factor (see
median age of group 3 vs. group 1 and 2). A better
understanding of such factors can improve the
detection of impaired motor performance patterns in
impaired speakers.

4. DISCUSSION
The current study aimed to determine
articulator-specific response patterns to speaking
rate manipulation and how such changes impacted
relative contribution of the jaw to overall tongue
displacements during the production of the
diphthong /aɪ/. Findings support the common
assumption that rate manipulation can induce a
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ABSTRACT

ple acoustic dimensions, including vowel formants
[2], duration [8, 10], f0 [1], and VOT [3, 12, 11].
However, these effects are often complex and inconsistent, with substantial individual differences in effects [10]. Furthermore, focusing on a small subset of acoustic dimensions can lead to an incomplete
picture of convergence, particularly given that the
specific nature of adaptation can differ substantially
across shadowers and model talkers [10].
Pardo et al. (2017) [10] emphasized the importance of considering listeners’ perceptual judgments of similarity between the shadower and model
talker: this more holistic measure integrates multiple phonetic dimensions not necessarily captured in
acoustic analyses. At the same time, considering listeners’ judgments alone risks leaving important gaps
in our understanding of convergence. Using judgments as a “gold standard” to quantify similarity in
speakers’ productions is only valid insofar as listeners’ judgments faithfully reflect properties of the signal. If not, then using similarity judgments could fail
to capture systematic patterns of convergence, either
because listeners may selectively attend to some dimensions over others, or because the speakers’ modifications, although systematic, are too small to be
perceptible by listeners.
A comprehensive understanding of convergence
requires taking both acoustic and perceptual measures into account, and looking into the relationship
between them. To this end, several studies have used
both metrics and examined to what extent listeners’
judgments are correlated with measurable phonetic
differences. The most comprehensive of these tested
to what extent changes in three phonetic properties
of vowels (duration, formants, and f0) predicted listeners’ judgments of similarity of productions of 92
talkers shadowing 12 different talkers [10]. When
each of the acoustic measures was considered independently, there was not consistent convergence.
However, the extent of phonetic convergence was
predictive of listeners responses (see also [9, 13]).
This was taken as evidence that listeners are sensitive to similarity along these acoustic dimensions,
and that therefore their judgments can be used as a
holistic metric to assess convergence.

This work examines the relationship between phonetic and perceptual metrics for convergence in a
shadowing task, focusing on whether listeners are
sensitive to acoustic convergence in voice onset time
(VOT) when judging similarity of word productions
across talkers. Adults and 6-year-olds shadowed
model talkers with artifically extended VOT; VOTs
of shadowed vs. baseline productions were compared to assess phonetic convergence. Listeners
completed a discrimation task on baseline and shadowed tokens produced by shadowers who showed
systematic convergence in VOT. The magnitude of
VOT convergence correlated with listeners’ choice
of the shadowed production as more similar to the
model than the baseline production. Listeners were
less accurate in a follow-up study, where VOT of
the shadowed productions was equalized to the same
value as baseline (i.e. “removing” the convergence
on the dimension of VOT), suggesting that VOT
plays an independent role in similarity judgments.
Keywords: shadowing; VOT; perceptual vs. acoustic correlates of phonetic convergence.
1. INTRODUCTION
A large body of work has demonstrated phonetic
convergence during shadowing tasks: when repeating words directly after a recorded “model” talker,
the productions of the “shadowers” become more
similar to the model’s productions (see review in
[10]). However, it is not well understood how different acoustic dimensions (e.g. VOT, f0) contribute to
listeners’ perceptions of convergence. In this work,
we examine the relationship between convergence
in VOT and listeners’ similarity judgments, and we
test whether VOT plays an independent role in perception by comparing performance across two experiments with VOT differences present vs. absent.
Past work has used both “acoustic” and “perceptual” measures to quantify convergence in shadowing. Comparisons of baseline vs. shadowed productions suggest that convergence occurs on multi-
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they were presented with pictures of each of the target words and asked to name them, followed by a
shadowing phase, where they saw a picture, heard a
model talker’s production of the relevant word, then
repeated the word. VOTs of the model talkers had
been systematically extended in stop-initial words.
The exact VOT value varied by word, but the values across the two model talkers for each word were
set to be identical, with an average VOT of 120ms
(50ms above the average value of the natural productions). This manipulation was done in order to
elicit convergence along the VOT dimension [5, 6].
Acoustic measures: VOT was measured from
burst release until onset of voicing in the following vowel. For each shadowed token, we calculated
a difference score, as in previous work, to quantify
convergence [8, 10]. This measurement, which we
call ∆VOT (1), indicates how much closer in VOT
the shadowed production is to the model talker as
compared to the baseline production. Larger ∆VOT
is interpreted as more convergence in VOT.

Correlations between convergence on a given
acoustic dimension and listeners’ judgments are
consistent with the idea that listeners use that dimension to inform their judgments. However, when
using natural productions, it is likely that other dimensions are co-varying with the target dimension.
In this situation, it is impossible to know which dimensions are actually driving listeners’ responses.
For example, in a hypothetical experiment, tokens
with greater convergence in f0 might be more likely
to elicit greater similarity judgments by listeners.
However, these same tokens might also show convergence along other dimensions, e.g. vowel formants, such that the perceptual results could be
driven by either f0 or formants. In order to test
whether listeners are sensitive to a given dimension,
it must be manipulated independently, with all other
acoustic information held constant.
1.1. The current work

While several studies have found convergence in
VOT, no previous work has examined whether listeners are sensitive to this dimension when assessing
similarity. Given that the average extent of covergence on this dimension is very small (around 10 ms
or less [3, 11, 12]), it is questionable whether this
is a dimension listeners would attend to in assessing similarity. We investigate the relationship between VOT convergence and perceptual judgments
first as in previous work, via a correlation analysis
between listeners’ similarity judgments on an XAB
discrimination task and the extent of phonetic convergence. We then test to what extent VOT exerts an independent effect on listeners’ judgments
by playing listeners the same stimuli after removing the VOT differences between baseline and shadowed productions. If listeners use VOT in assessing
similarity, we expect to see 1) a positive correlation
between the extent of VOT convergence and listeners’ accuracy, and 2) a decrease in accuracy when
VOT differences are artificially removed. An ancillary question, based on the fact that children’s VOTs
for voiceless stops are more variable than adults’ [4],
is whether listeners rely less on VOT when assessing
similarity of child vs. adult productions.

(1)

∆VOT =(VOTShad −VOTMod )−(VOTBase −VOTMod )

Figure 1: Distributions of baseline and shadowed
VOT values by the eight shadowers used for stimuli.
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2.2. Discrimination task

2.2.1. Experiment 1
Stimuli: Baseline and shadowed productions of four
children and four adults who showed the greatest
convergence in VOT were used as stimuli. Since the
purpose of this study was to determine whether listeners were sensitive to convergence along VOT, we
wanted to ensure that the shadowers did indeed show
convergence1 . Stimuli consisted of 1 baseline and 2
shadowed tokens of /p/-initial words: where this full
set was not available due to mispronunciation, the
whole set was omitted. Fig. 1 shows the distribution

2. METHODS
2.1. Imitation task

The stimuli for the discrimination tasks are a subset of data from a larger study [7] in which 6-yearolds and adults shadowed one of two model talkers. Participants completed a baseline phase, where
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ture justified by the design was included.

of VOTs of baseline and shadowed tokens for each
of the shadowers used in the stimuli.
Participants and procedure: 33 native English listeners completed an XAB discrimination task. In
each trial, listeners heard a model talker’s production of a word (X), followed by a baseline and one
of the shadowed versions (A and B, order of baseline and shadowed tokens were randomized) of the
same word. Listeners were asked to indicate which
of the two final words sounded most like the first
word (i.e. the model). There were four blocks,
grouped by model talker and shadower age (e.g. in
one block, the model was always Talker A and baseline/shadowed productions came from the two adults
who had shadowed that talker). The order of blocks,
and the order of trials within each block, were randomized for each participant. There were 200 total
trials (8 talkers * 12-13 words * 2 repetitions), and
the task took about 15 minutes.

3. RESULTS
In Experiment 1, listeners chose the shadowed token
on average 69% of the time. Fig. 2 shows the proportion of shadowed responses for each trial, as a function of the extent of convergence (∆VOT ) on that
trial. Table 1 shows the results of the model predicting listeners’ responses from ∆VOT and Shadower
Age. The significant positive coefficient for the intercept indicates that listeners’ accuracy was above
chance, while the significant effect of ∆VOT indicates that the likelihood of an accurate response increases as ∆VOT increases (as modeled by the bestfit regression line in Fig. 2). Neither shadower age
nor its interaction with ∆VOT were significant, so
there is no evidence that listeners showed different
accuracies, or more sensitivity to convergence along
the VOT dimension, for child vs. adult shadowers.

2.2.2. Experiment 2
Experiment 2 was identical to Experiment 1, but the
VOT of each shadowed token was manipulated to
be equivalent to the baseline token of the same word
spoken by the same shadower, using the PSOLA algorithm in Praat. In other words, for a given XAB
trial, the VOT values of A and B (the shadowed and
baseline tokens) were identical. 27 native English
listeners participated.

Proportion accurate

Figure 2: Accuracy as a function of ∆VOT in
Experiment 1. Each dot represents the proportion of accurate responses (i.e. choice of the
shadowed token) for one trial. Larger values
of ∆VOT represent more convergence toward the
model talker. The regression line shows the bestfit logistic curve.

2.3. Statistical analysis

We used two logistic mixed-effects models to test
the factors influencing listeners’ similarity judgments. Our response variable for both models is listeners’ choice of the shadowed (vs. baseline) token
as more similar to the model, which we refer to as
“accuracy.”
To test whether accuracy was related to the magnitude of VOT convergence, we entered the data
from Experiment 1 into a model predicting accuracy
from ∆VOT 2 . To test for an independent effect of
VOT, we built a second model, using data from both
experiments, predicting accuracy from Experiment
(1 vs. 2)3 . Both models included a fixed effect of
Shadower Age (Adult vs. Child), as well as its interaction with the other fixed effects, to test the hypothesis that listeners place more reliance on VOT when
listening to adults than to children. ∆VOT was centered and converted to z-scores for analysis, while
categorical factors were simple-coded (-.5, .5), such
that all coefficients represent the (change in) logodds of a “shadowed” response across all levels of
the other condition(s). The full random effects struc-
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Table 1: Results of a mixed-effects logistic regression model predicting choice of shadowed response from ∆VOT and shadower age.

Intercept
∆VOT
Shadower age
∆VOT * Age

β
0.79
0.12
0.07
-0.05

SE
0.16
0.59
0.26
0.12

z
4.99
2.04
0.298
-0.45

p
< .001*
0.041*
0.766
0.657

This relationship suggests that listeners may be
sensitive to VOT. However, these results could also
be because those tokens with larger values of ∆VOT
also exhibited convergence on other dimensions,
which the listeners could use to inform their judg-
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is predictive of listeners’ choice of the shadowed token as more similar to the model talker than a baseline production (Experiment 1). The fact that listeners’ performance decreased when the VOT of the
shadowed production was equalized to the baseline
value (Experiment 2) further shows that VOT plays
an independent role. No differences were found in
sensitivity to VOT when listening to children vs.
adults.

ments. To determine whether VOT plays an independent role, we compared the results of Experiment
1 to Experiment 2, where VOT differences were removed. Fig. 3 shows the proportions of accurate response, broken down by Experiment and Shadower
Age. Overall, accuracies are slightly lower for Experiment 2 in Experiment 1, although the difference
is very small (with 69% accuracy overall in Experiment 1, compared to 65% in Experiment 2).Table 2
shows the results of the model predicting listeners’
accuracy from Experiment and Shadower Age. We
again see a significant intercept, indicating that accuracy overall was above chance. In response to our
primary research question, we see a negative coefficient for Experiment, indicating significantly lower
accuracy for Experiment 2. However, even with this
slight decrease, overall accuracy for Experiment 2
is still well above chance. As before, Age was not
significant, nor was the interaction between Age and
Experiment.

Our findings are consistent with the idea that perceptual judgments of similarity incorporate multiple acoustic dimensions [10]. However, it is important to note that despite the fact that VOT seems to
play a role in similarity judgments, this role appears
to be very small, given that there was only a very
small decrease in accuracy when the VOT differences were removed. Furthermore, even though all
of the shadowers used in our study showed similar
extents of phonetic convergence, listeners’ sensitivity to VOT appeared to vary considerably by shadower (i.e. there was not a decrease in accuracy for
all shadowers when VOT was removed). Therefore,
the relationship between the perceptual and phonetic
measures is not straightforward.

Figure 3: Distribution of listeners’ mean accuracy
rates across Experiment 1 and Experiment 2, broken down by performance on trials with child vs.
adult shadowers. Error bars represent 95% confidence intervals of by-listener means.

Proportion accurate

1.00

We have shown that listeners are sensitive to VOT,
but the nature of this sensitivity remains to be explored. For example, it is possible that the effect of
VOT may be driven by those trials with relatively
large convergence effects. We are not able to explore this question systematically with the current
dataset, but future work could test the threshold for
which listeners are sensitive VOT, and in which circumstances (e.g. for which model talkers, and as
a function of the presence and/or strength of other
phonetic cues) they use it more or less.

0.75

Experiment
1

0.50

2
0.25
0.00
Child

Adult

Table 2: Results of a mixed-effects logistic regression model predicting choice of shadowed response as a function of Experiment (2 vs. 1) and
Shadower Age.

Intercept
Experiment
Shadower age
Experiment * Age

β
0.79
-0.23
0.06
0.05

SE
0.15
0.11
0.25
0.15

z
5.15
-2.07
0.24
0.33

These results demonstrate that VOT is part of the
constellation of acoustic dimensions that informs
listeners’ similarity judgments. However, it appears
that there is not a straightforward relationship between perception and VOT convergence, even in a
case where the acoustics have been controlled by
choosing shadowers who showed similar extents of
VOT convergence. Therefore, listeners’ judgments
cannot be used as a replacement for acoustic measures in assessing convergence, and it cannot be assumed that listeners’ perception faithfully reflects
properties of the signal. Using manipulations such
as the one used here can help to isolate specific dimensions and inform our understanding of the relationship between perceptual and acoustic measures
of similarity.

p
< .001*
0.038*
0.81
0.73

4. DISCUSSION
Our results suggest that VOT plays a role in listeners’ similarity judgments, supported by the fact that
the extent of VOT convergence in a shadowing task
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Canadian English model talker, while the other half shadowed an Australian English talker. We did not have different predictions for listeners’ use of VOT for the different accents, nor did we see any different patterning of
results, so we do not include this factor in the analysis
below
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ABSTRACT
People make their speech clearer in difficult
conversational contexts using global mechanisms
(e.g. “Lombard Speech”) and by targeted
enhancements
of
linguistic
constituents
(“hyperspeech”). We describe production changes
observed in four speakers of Scottish English who
produced three repetitions of twelve CVC words: V
was one of six monophthongs and C_C was either
/p_p/ or /m_m/. Thus each word differed (near-)
minimally from six others. In a “neutral” condition
each participant read aloud from a randomised
wordlist. A “clear” condition was an interactive task
in which an interlocutor had to repeat back every
word correctly, despite their hearing being impaired
by headphone-delivered noise. If the speaker was
mis-perceived by the interlocutor, the speaker tried
again, until the word was correctly repeated. We
describe the surprisingly speaker-specific acoustic
hyperspeech effects (in vowel F1, vowel space area,
and acoustic segment durations) in the clear speech.
A companion paper describes the associated
articulatory changes.
Keywords:
Lombard
speech,
acoustics, intelligibility, vowels.
1.

hyperspeech,

1. INTRODUCTION

Spoken words vary in response to a range of factors,
such as the desire or need to speak clearly. Poor
communicative conditions may trigger an increase in
vocal effort, perhaps as a universal (reflex) Lombard
effect. Greater speaker effort boosts intensity, pitch,
duration, and other global factors [1] [4] [5] [6].
Clarity can also expand phonemic dispersion and
enhance cues to contrast [2] [3] to maintain
sufficient discriminability [7], perhaps with quantal
effects [10]. But sociolinguistic [11] and affective
[8] changes also interact with clarity. We thus expect
(a) dialect-specific and (b) task-specific influences
on clear speech, though we are not led to expect
idiosyncratic yet systematic variation within dialect.
An independent area of interest is the production
of single words. Though single full lexical words
like “rabbit”, “flower”, “red” and “jumping” are
unusual in real-world conversations (as opposed to
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discourse items and fillers), single-word utterances
are not uncommon in a range of important if
“artificial” contexts (e.g. psycholinguistic reactiontime experiments, speech acquisition studies,
phonetics experiments, quizzes and educational
tasks). Elicitation may be by picture naming, reading
aloud, repetition, delayed naming, or cloze tasks.
Both these topics are relevant to the production
of single words in the speech therapy clinic, where
many normalised assessments and ad-hoc
therapeutic activities involve single word
production. (Hearing assessments and research into
listening often use pre-recorded single word speech
samples.) Moreover, a speaker is often explicitly
asked to utter a single word as clearly and
accurately as possible. In the (paediatric) clinical
context, the client may be expected to produce their
clearest possible versions of diagnostic wordlists for
assessment. They may contain phonological minimal
pairs or sets. Contrast enhancement may be part of
the therapeutic process, intended to alter a speaker’s
productions permanently. Clinical meta-linguistic
discourse involves therapist and client estimating the
functional intelligibility and social acceptability of
the client’s production of phonemic contrasts.
We are therefore interested in the social-cuminterpersonal, linguistic-cum-dialectal, task-specific
and universal factors that can be used to pronounce a
single content word more clearly. What changes
might a speaker make? Here, we explore a small set
of phonemic distinctions in single words (for the
reasons above). Specifically, we ask how each
speaker produces the words within-dialect to a
physically-present, sighted interlocutor whose
hearing is at first normal, (in which case
intelligibility is 100%), then temporarily impaired,
modelled experimentally by wearing headphones
delivering loud aperiodic noise.
Our study provides a baseline for research into
changes in segment production which speakers
(choose to) make to enhance intelligibility. In the
longer term we want to elicit variation in a wider
range of materials, with alternative tasks, and using
dialectally-varied or cross-linguistic interlocutors.
Here, we consider various measures including vowel
formant space related to segmental dispersion as
well as some general reflexes of clarity.

For space reasons we report acoustic measures
only, but see [9] for a companion paper analysing
the same speakers’ tongue and lip articulations.
2.

METHOD

In Scottish English, six “unchecked” monophthongal
vowels /ieaɔoʉ/ can appear in open or closed
syllables. /ɔoʉ/ are phonologically rounded. Two
C_C contexts were chosen, in which C was labial
(either /m/ or /p/). Thus the wordlist mostly included
real words (pope) but also pseudowords (moam).
Three tokens of each word were incorporated into
two speaker-specific randomised wordlists (n=36).
First, in the neutral condition, the interlocutor was
present but did not repeat each word as it was read
aloud. In the second condition, intended to elicit
clear speech, the interlocutor faced the speaker at
about a 2m distance, and repeated what was
perceived, out loud. If the response was correct, the
speaker moved on. If the response was incorrect, the
speaker had to repeat the item in the list. The
interlocutor (1st author) was blinded to the
randomisation, but not to the 12 possible targets.
They listened to speech spectral noise at a 50dB
setting, partially masking the speaker’s normal
conversational volume.
Since the speaker had to repeat the item if the
interlocutor mis-heard (and could detect levels of
uncertainty even if correct), we assume that on
average the second condition elicited clear speech,
but it was obviously not shouted or un-natural.
For the acoustic analysis, standard segmentation
processes were followed. Closure of initial and final
/m/ and final /p/ were analysed for duration, along
with VOT of initial /p/ and the vowel duration.
Acoustic word duration was the sum of these.
Formant analysis was performed in PRAAT with F1
and F2 (and F3, not analysed here) extracted in the
first and last 25% of the vowel on the few occasions
the medial 50% included clipping as a result of
increased intensity in the clear condition, but mostly
formant values were averaged throughout the vowel.
Formant values were converted from Hz to Bark.
The vowel-space area was then estimated as the sum
of the area of series of scalene triangles, but is
represented below with a curved perimeter. Since
there are just four speakers, results are descriptive,
and we do not report any pilot inferential statistics.
3.
3.1

The consistency and ease with which each
speaker attained 100% functional intelligibility in
the clear condition varied (Fig 1). S2 had the highest
rate of mis-perceptions, having to repeat 19 target
words out of 36, with over 30 repeat attempts.
Qualitatively, the interlocutor found S3 easiest to
perceive. S1, S2 and S4 were “hard work”, requiring
careful active listening and lip-reading.
Figure 1: Numbers of mis-perceptions during the
process of achieving 100% correct responses.

3.2

Global differences (quasi-Lombard effect)

All four speakers increased their global vocal effort
in an impressionistic sense. Overall, recordings of
the clear condition demonstrated an increase in
loudness, and the recorded waveforms had greater
intensity, though neither has been quantified.
3.3

Acoustic measurements

Where it makes sense, we will present averages of
all four speakers, and/or all the vowels. Otherwise,
we focus on the descriptive presentation of
individual words, speaker by speaker.
S1 and S2 increased the vowel space area in the
clear speech condition (Fig 2). Fig 3 shows that the
increase was (primarily) due to an increase in F1.
Figure 2: Acoustic vowel space area, neutral (pale
bars) vs. clear speech condition (dark).

RESULTS

Functional intelligibility

The speakers were 100% perceptible in the neutral
condition, though the interlocutor (who was present,
but silent) considered S2 to be the least distinct.

3717

The speakers used duration in conflicting ways,
e.g. in the acoustic duration of the whole word (Figs
5 & 6). Not only did speakers have different patterns

in the neutral condition (e.g. S1 vs. S4), the change
in the clear condition varied (and S4 consistently
made none). S1 increased word duration for /m/
words in the clear speech condition, but not /p/
words. S2’s /m/ words also seemed longer than their
/p/ words, but with no clear condition effect. S3’s
clear speech approach may have been to increase
duration generally. Acoustic word duration is a
composite of segment effects, of course.
C1 duration cannot be addressed uniformly. For
/p/, VOT was measured (Figs 6 & 7). More speakers
are needed, but it appears some shortened VOT but
some lengthened it. For /m/ (Figs 6 & 7), the
consonant was longer in clear speech (S1, S3) or
showed no difference (S4). S2’s pattern was unclear.
The duration of C2 (Fig 8) was even less clear,
and we are reticent to offer a simple descriptive
view: more data is needed. One participant (S1),
however, seemed to reduce the closure duration of
C2 (/p/ and /m/ alike) in the clear speech condition.

Figure 4: S3 (upper) and S4 (lower).

Finally, vowel duration was complex (Fig 9). S1,
S2 and S4 had a very substantial increase in vowel
duration in the clear condition, and vowel duration
that was similar in /m/-words and /p/-words. S3’s
non-high vowels were long in /m/-words in both
conditions, and shorter in /p/-words in the neutral
condition (but the clear condition was variable).

Figure 3: Vowel area changes, showing increased
F1 in speaker S1 (upper panel) and S2 (lower
panel). In this and following figures, the solid line
with square markers is for the clear condition.

4.

DISCUSSION AND CONCLUSIONS

Speakers of Scottish English produced clearer
speech in an interactive task which unusually used
single word utterances. We focused our analysis on
segmental enhancement rather than prosody or voice
quality, and found that speakers seemed to enhance
incompatible aspects of their system. A companion
paper on lip and tongue articulation [9] shows yet
more disparity in the strategies these speakers used
to make similar words more clearly distinct. We
hypothesise that phonological enhancement can be
systematically idiosyncratic.

Figure 5: Acoustic word duration, clear condition (solid) vs. neutral (dashed), /m/-words (dark) vs. /p/-words
(light). S1-S4 are shown left-to-right.
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Figure 6: Acoustic word duration (left), /m/-words (dark bars) and /p/-words (pale), mean /p/ VOT (centre) and
mean C1 /m/ duration (right), both with neutral (pale bars) vs. clear speech conditions (dark). Whiskers = 1 s.d.

Figure 7: C1 acoustic segment duration, clear condition (solid) vs. neutral (dashed). S1-4 shown left to right, and /p/
VOT duration in the upper panels (pale) and /m/ closure duration in the lower panels (dark).

Figure 8: C2 acoustic duration, in clear condition (solid) vs. neutral (dashed); /m/-words (dark) vs. /p/-words (pale).

Figure 9: Vowel duration, in clear condition (solid) vs. neutral (dashed); /m/-words (dark) vs. /p/-words (pale).
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ABSTRACT
The devoicing and deletion of unstressed vowels are
common processes that may be viewed as stages in a
gradual process of elision. This paper examines the
sociolinguistic conditioning of variable final vowel
devoicing and deletion in the Portuguese spoken in
the city of São Paulo (SP), Brazil. From
sociolinguistic interviews with 46 speakers, we
extracted and coded 5,413 tokens for their acoustic
realisation and for a series of factors: speaker sex,
age, level of education and neighbourhood, the
vowel and its surrounding phonetic context. Logistic
regression analysis shows that both devoicing and
deletion are socially stratified and preferred with
high vowels and preceding voiceless segments.
While the linguistic effects reflect articulatory and
perceptual considerations, social stratification
reveals some of the social affect that these features
provide in SP. Comparison of regression analyses
suggests that the two processes are unrelated.
Keywords: phonetic variation, sociophonetics,
vowels, devoicing, Brazilian Portuguese.
1. INTRODUCTION
As a result of their lack of prominence, unstressed
vowels may undergo a number of processes of
reduction. Apart from shortened duration and a
change in vowel quality or position, vowels may be
devoiced or even deleted [10]. Such processes have
been observed in a number of unrelated languages,
such as Canadian French [4,5], Korean [12], Modern
Greek [1,6], Japanese [3 and the Spanish spoken in
Peru, Ecuador and Mexico [7,8,9,13]. While vowel
deletion is a characteristic feature of European
Portuguese [15], vowel devoicing and deletion have
received little attention in the Portuguese spoken in
Brazil (BP) (but see [14]).
In this paper, we investigate the variable
devoicing and deletion of unstressed vowels in the
Portuguese spoken in São Paulo (SP), Brazil’s
largest city. Apart from documenting the existence
and frequency of these processes in BP, the purpose
of this paper is to determine which linguistic
contexts are most propitious to their occurrence and
whether they serve to distinguish residents of the
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city along social lines. Furthermore, since devoicing
and deletion may be seen as points along a cline of
weakening or reduction, we examine whether they
are related or operate independently of each other.
2. VOWEL DEVOICING IN SÃO PAULO
PORTUGUESE
2.1. Stress and vowel reduction in BP

Word stress in BP generally falls on the penultimate
syllable [2] (e.g. saco [ˈsa.ku] ‘sack’, tempo
[ˈtẽm.pu] ‘time’), with the final syllable unstressed.
Final unstressed /a/, /e/ and /o/ are commonly raised
to [ɐ], [i] and [u], respectively [2]. Although some
words contain stressed final syllables (e.g. caçar
[ka.ˈsa] ‘to hunt’, até [a.ˈtɛ] ‘until’), the vowels in
these syllables are never raised and have not been
observed to undergo devoicing or deletion.
2.2. Data

The data for this study were taken from Project
SP2010 (projetosp2010.fflch.usp.br), a corpus of
spoken BP collected in 2010, consisting of
sociolinguistic interviews with 60 speakers stratified
according to sex, age and level of education,
transcribed in ELAN [16].
For this analysis, we draw on a subsample of 46
speakers from whose interviews we extracted a
sample of unstressed vowels at three points in each
interview (five minutes each at the beginning and
end of the interview and five minutes in the middle
when speakers were discussing the same topic),
yielding a dataset of 5,413 tokens.
2.3. Factors coded

Each of the tokens was coded for a series of social
and linguistic factors.
Working with a group of undergraduate students
at the University of São Paulo as part of a class
project, we first coded the realisation of each token
according to the presence of clear (voiced),
weakened (devoiced) or absent (deleted) vowel
formants, based on visual inspection of the
spectrogram, some examples of which are provided
in Figure 1.

2.4. Results
Figure 1: Spectrograms of the word tempo ‘time’
with (a) voiced, (b) devoiced and (c) deleted final
[u].
a.

The overall distribution of variants is shown in
Table 1. Although voicing is the majority variant
(69.5%), a substantial proportion of tokens (22.4%)
are devoiced, and a somewhat smaller portion
(8.1%) are deleted.

Voiced:

Table 1: Overall distribution of unstressed vowel
realizations.

b.

Voiced
Devoiced
Deleted
Total:

Devoiced:

N
3760
1212
441
5413

%
69.5
22.4
8.1

As a first attempt to determine whether the two
processes were related, we examined two different
scenarios. In scenario (1), the processes of devoicing
and deletion are unrelated to each other. In scenario
(2), devoicing feeds a rule of deletion.
c.

Deleted:

Each token was then coded for the social
characteristics of the speaker: their sex (male or
female), their age-group (20-34, 35-59, 60+), their
level of education (secondary vs. tertiary) and
whether their neighbourhood of residence was
located in the core or periphery of SP.
Linguistic factors relate to the vowel and the
phonetic context in which it occurred. Each token
was coded as one of the three unstressed final
vowels: [ɐ] (unstressed /a/), [i] (unstressed /e/) and
[u] (unstressed /o/). The preceding segment was
coded as voiceless or voiced. Two realisations of
preceding orthographic {r}/{rr} were coded
separately, because of differences in voicing: wordmedial /r/ occurs variably as flapped [ɾ] or retroflex
[ɻ], which are voiced, while word-initial /r/ and
word-medial /rr/ occur in a number of voiceless
realisations (such as [x] or [h]). The segment in the
following word was coded similarly, although codes
were also included for a following word beginning
with a vowel and for no following word (pause).
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(1)

a. Voiced à Devoiced
b. Voiced à Deleted

(2)

a. Voiced à (Devoiced + Deleted)
b. Devoiced à Deleted

Each of these scenarios involves different ways of
calculating rates of occurrence, which ultimately
influence the factors selected as significant in
statistical modelling. Using the stepwise logistic
regression procedure incorporated in Rbrul [11], we
ran each of the two scenarios with the same
configuration of factors and compared the log
likelihoods (a measure of how well the models fit
the observed distribution of data). As this
comparison showed scenario (1) to provide
statistical models with a significantly better fit to the
data than scenario (2), we conclude that devoicing
and deletion are not in a feeding relationship but are
operating independently of each other. Therefore, in
the analyses that follows, we calculate the
occurrence of each variant of interest (devoiced and
deleted) in opposition to the other two variants.
The results of the logistic regression analyses of
the contribution of linguistic factors to the
occurrence of devoicing and deletion are shown in
Table 2. Effects are indicated in the form of logodds,
with effect values centred on zero: values above zero
are favourable to the occurrence of the variant, while
values below zero disfavour the variant. The
numerical coefficient indicates the strength of effect.
As Table 2 shows, both variants are favoured
more with the high vowels [i] and [u] than with the
low vowel [ɐ]. The preceding segment is significant

for both devoicing and deletion, although the effects
are slightly different. Preceding voiceless elements
favour devoicing and deletion, while preceding
voiced elements disfavour, but the effects of
preceding rhotics are reversed: /r/ (weakly) favours
deletion but disfavours devoicing, while /rr/ strongly
favours devoicing and strongly disfavours deletion.
The following segment is selected as significant only
for deletion, with following vowels and voiceless
consonants favouring and following voiced
consonants and pauses disfavouring. A following /r/
weakly favours deletion, while a following /rr/
disfavours.
Table 2: Logodds contribution of linguistic factors to
the occurrence of vowel devoicing and deletion (N =
5,323)
Devoicing

Deletion
N

Vowel
[i]
[u]
[ɐ]

.505
.113
-.638

.208
.089
-.297

Preceding Segment
/rr/
.561
Voiceless
.266
/r/
-.328
Voiced
-.498

-.487
.486
.017
-.016

Following Segment
Vowel
Voiceless
/r/
Voiced
/rr/
Pause

.730
.360
.144
-.258
-.294
-.682

1134
2291
1988

Table 3: Logodds contribution of social factors to the
occurrence of vowel devoicing and deletion (N =
5,323).
Devoicing

Deletion
N

Sex
Female
Male

-.209
.209

3279
2134

Age-Group
Old
Middle
Young

-.172
-.005
.176

1591
1635
2187

Education
Secondary
Tertiary

.082
-.082

2920
2493

Region
Core
Periphery

.142
-.142

3007
2406

3. DISCUSSION
The results of this study demonstrate that unstressed
vowels in the BP spoken in São Paulo undergo
variable devoicing and deletion, although they are
not the majority variants. Analysis of the distribution
of these variants suggests that they are processes that
operate independently of each other.
The linguistic features conditioning the
occurrence of both variants are similar, in that both
occur more frequently with the high vowels [i] and
[u], and that a preceding voiceless segment is more
likely to produce devoicing or deletion. These
effects can be explained on the basis of two
processes: the relatively weak perceptibility of high
vowels and the tendency for features such as voicing
(or devoicing) to persist across phonological
domains. Deletion is additionally conditioned by the
nature of the following context. The strong
favouring effect of vowels on deletion might
indicate a hiatus-resolving strategy, in which two
adjacent vowels favour deletion of the first. The
disfavouring effect of following pause follows a
general pattern of BP in which final consonants are
retained with the insertion of a vowel [2].
Devoicing and deletion are also conditioned
differently by social factors. Devoicing appears to
distinguish residents of São Paulo on the basis of
level of education and region of the city. Speakers
with tertiary education are less likely to devoice
unstressed vowels, as are those who live in the
periphery of the city. On the other hand, deletion is
characteristic of younger speakers and favoured
more by men than by women. The former would

67
2209
617
2520
1093
1277
19
1359
41
1624

The results of the analyses of social factors are
shown in Table 3, which reveals that the two
processes are conditioned differently. Education is
significant for devoicing, with speakers with
secondary education favouring devoicing and
speakers with tertiary education disfavouring.
Region is also significant for devoicing, with
residents of the core of São Paulo favouring
devoicing and those in the periphery disfavouring.
For deletion, only sex and age-group are selected as
significant, with men and younger speakers
favouring deletion and women and speakers of old
and middle age disfavouring.
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suggest that deletion may be an ongoing change,
while devoicing appears to be more stable.

[10]

4. CONCLUSION
The results of this study require further
instrumental analysis of the tokens and
representation of all of the speakers in the corpus to
be confirmed. However, these results attest to the
existence in BP of processes that have been
observed to operate in other varieties of Portuguese
and other related and unrelated languages,
suggesting that they may be common outcomes to
processes of vowel reduction. In contrast to the
assumption that devoicing and deletion represent
different stages in a process of elision, on the basis
of statistical modelling and conditioning by
linguistic and social factors, we conclude that they
operate independently of each other.

[11]

[12]

[13]
[14]

[15]
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ABSTRACT
There is scarcity of research into speech perception of
multilingual learners, which precludes a full
understanding of their phonological acquisition. The
present study investigates speech perception
development of rhotics in 32 multilinguals (aged 1213) who all had the same language repertoires
(English, German, Polish), with English being their
L2 (learnt in school for 5 years), but German and
Polish either their L1 or L3. This mirror-image design
allowed for examining the effects of L1 on the
multilinguals’ L2 and L3 rhotic perception. Based on
results from a forced-choice goodness task
administered at 4 and 9 months of L3 learning, both
groups performed at a ceiling level in the perception
of English rhotics at both testing times. However, L1
German children consistently perceived Polish
rhotics more accurately than L1 Polish children
perceived German rhotics. The findings point at a
combined effect of L1, markedness and L2/L3
proficiency in multilingual speech perception.
Keywords: speech perception, L3 phonology,
multilingual, rhotics, mirror-image design.
1. INTRODUCTION
Existing non-native speech perception models have
been developed to account for learning contexts in
which second (L2) language is being acquired during
or after the acquisition of the speaker’s first (L1)
language ([3], [4], [8], [11]). Given that the vast
majority of the world’s population experiences richer
linguistic contexts in the course of their language
learning history, it appears problemsome to base any
predictions of their acquisitional process, including
that of speech perception, on these models. Indeed,
recent research into third language (L3) acquisition
demonstrates that all previously learnt languages will
influence additional language learning (for a review
in the domain of L3 phonology, see [6]).
Previous research into L3 speech perception has
been scarce and largely revolving around the question
whether extended language learning experience
facilitates the perception of novel sounds. The extant
findings are mixed. While [14] could show greater
sensitivity in perceived cross-linguistic similarity by
young multilinguals as opposed to their monolingual
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counterparts, and [10] reported a superior
discriminatory performance by adult bilinguals over
monolinguals, theorizing that bilinguals possess
advanced levels of general cognitive flexibility, [18]
found no general bilingual or trilingual advantage in
discriminating the sounds of an unfamiliar language.
The advantage they found was only due to narrow
L1/L2 to L3 transfer. [1] further demonstrated that
specific prior experience with a phonetic feature may
be especially useful for learning universally
“difficult” contrasts while the general advantage of
bilingualism will show in the case of learning “easy”
contrasts. Also, recent findings on cross-linguistic
influence seem to support this reasoning [2].
More research is needed to gain further insights
into multilingual speech perception of diverse
learners, including the relative role of markedness
([1]). Moreover, such research would ideally be of a
longitudinal nature and include perceptual
development of all the speaker’s languages to capture
their acquisitional process in its entirety. In order to
disentangle the relative role of the L1 and the L2 in
L3 speech perception development, this research
would also apply a mirror-image design. The present
study attempts to address these considerations by
examining longitudinally L2 English and L3 German
perception by young L1 Polish speakers as well as L2
English and L3 Polish perception by young L1
German speakers.
Rhotics were considered to be a suitable testing
ground, because in spite of belonging to a
phonological natural class, they exhibit large
interlanguage variability. Among the languages of the
world, rhotics can have three places of articulation:
alveolar, retroflex and uvular, and five manners of
articulation: trill, tap or flap, fricative, approximant
and lateral flap ([19]). The most common rhotics are
the alveolar or dental trills or taps, followed by
retroflex flaps. Only 8% of languages have alveolar
approximants, and only four languages have a uvular
trill, German being one of them ([17]). In the case of
rhotics, the frequency of distribution should not be
taken as an argument about their markedness. As [7]
notices, the alveolar trill requires precisely fine-tuned
articulation and is challenging in the course of
language acquisition. It remains an empirical question
to what extent frequency of occurrence and/or
articulatory complexity coincide with perceptual
markedness.

In the three languages considered in the present
study, the distribution of rhotics is as follows. Polish
has the alveolar trill, which may be produced as a tap
in fast speech ([12]). In Standard German the
conservative uvular trill /ʀ/, present mainly in wordinitial positions, is in most cases produced as the
uvular fricative /ʁ/ ([13]). Regarding English, our
participants were mostly exposed to British English
with a post-alveolar approximant /ɹ/, and to lesser
extent to American English with its retroflex
approximant /ɹ̣/ ([15]). Both English rhotics are
continuants, as opposed to the “interrupted” types
such as taps and trills.
Based on the theoretical background and
methodological considerations introduced above, the
present study aims to examine the relative role of L1
in the development of non-native speech perception
in young multilinguals by posing the following
research questions:
 How does the perception of L2 English and L3
German rhotics develop over time in young L1
Polish speakers?
 How does the perception of L2 English and L3
Polish rhotics develop over time in young L1
German speakers?
We assume here, according to the Markedness
Differential Hypothesis ([9]), that those structures of
the target language that differ from the native
language and are more marked than the native
language will be difficult to acquire and vice versa.
Therefore we hypothesize that both learner groups
will show a stable and comparable perceptual
performance in their L2 English, given the
comparable quality and quantity of exposure to the
language. The L1 Polish children are hypothesised,
however, to show greater variability than the L1
German children in perceiving their L3 marked
uvular fricatives. The German L1 children should
have fewer problems perceiving their L3 Polish
relatively less marked alveolar trills.
2. METHOD
2.1. Participants

A total of 32 participants aged 12-13 took part in the
study. They were 19 L1 Polish speakers who had
learnt English at school for 5-6 years and had just
started learning L3 German. Similarly, 13 L1 German
speakers had learnt English for 5-6 years and had just
started learning L3 Polish. The two groups were
carefully matched in socio-economic background and
the amount of L2 and L3 instructed learning
experience. This background information was
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collected in an extensive interview at the beginning
of the study.
2.2. Perception task and procedure

All participants performed a timed forced-choice
goodness task twice: 5 months into their L3 learning
(T1) and at the end of the school year, i.e. four months
later (T2). The perception task was administered by
two research assistants, who were (near) native
speakers of the L2 and L3, respectively, on different
days in a quiet room in the participants’ schools.
Adapted from [5], the forced-choice goodness task
included two renditions of the same phrase which
differed minimally on the last stimulus item
embedded in a carrier phase. One rendition was
target-like, the other one was “the other-languagelike”. For an example, in the L2 English version of
the task, the children listened to the target-like phase
“You will hear the word ring /ɹiᶇ/” followed by the
Polish-like “You will hear the word ring /riᶇ/”. The
carrier phrase always remained in the target language.
Using headphones, the participants listened to the pair
of renditions and decided which one sounded more
“natural” in the language being tested.
The inter-stimulus interval was set at 500ms and
the response limit at 3,000 ms. The presentation of the
stimuli was randomized and counterbalanced across
trials in E-prime.
2.3. Stimuli

A total of 23 stimuli in the L2 English, 26 stimuli in
the L3 Polish and 24 stimuli in the L3 German were
presented to the young multilinguals in the perception
task, which tested also additional contrastive
segments. Out of these, 10 items contained rhotics in
each of the three languages (5 stimuli in 2 non-target
language combinations, see below). The stimuli all
involved real words, checked for familiarity by the
pupils’ language teachers. The stimuli were recorded
by female native speakers of the respective languages
and fluent advanced speakers of the other two
languages in the triad of languages. The target rhotics
occurred either in the initial or medial position, and
included: English: ring, rabbit, red, round, giraffe;
German: rot, Regen, Reise, Fahrrad, verloren; and
Polish: ryba, ręka, rok, chora, stara.
3. RESULTS
The multilinguals’ performance on the timed forcedchoice goodness task was examined in terms of
accuracy and RT. Due to violation of the assumption
of normality and homogeneity of variance of the
dataset, non-parametric tests were used for between-

subjects (Mann-Whitney U-test) and within-subjects
(Wilcoxon signed-rank test) comparisons.
Table 1 presents the accuracy results for the
perceptual performance in both L2 and L3 of the L1
Polish group at the two testing points. It shows that
the L1 Polish children perceived the L2 English
rhotics more accurately than the L3 German rhotics at
both testing points. Mann-Whitney U-test yielded
these differences significant (T1: Z=4.41, p<.0001;
T2: Z=9.08, p<.0001), and showed that they were
driven by L2 and L3 items that included rhotics in the
initial position. The L1 Polish children’s scores for
the perception of English rhotics remained high
between T1 and T2. In contrast, the perceptual
accuracy of German rhotics by this group dropped
significantly between T1 and T2 (Z=-2,65, p<.008),
and this change was driven by a poorer performance
on stimuli with rhotics occurring in the initial
position. In terms of RT, no significant differences
were found for this learner group’s perception of
either English or German rhotics between T1 and T2.
At T2, it took the Polish children significantly longer
to perceptually respond to the German than to the
English stimuli (Z=-2,47, p<.01).
Table 1: Mean accuracy in per cent for the
perception of English and German rhotics by L1
Polish children at two testing times.

Word
position

Time

Total

T1
T2
T1
T2
T1
T2

Initial
Medial

Accuracy L2
English
Mean
SD
88
33
91
29
91
28
93
26
78
42
84
37

Accuracy L3
German
Mean SD
69
46
46
44
71
43
42
46
66
45
52
47

for either the accuracy or the RT scores in both
English and Polish for this learner group.
Table 2: Mean accuracy in per cent for the
perception of English and Polish rhotics by L1
German children at two testing times.

Word
position

Time

Total

T1
T2
T1
T2
T1
T2

Initial
Medial

Accuracy L2
English
Mean
SD
95
21
94
23
98
13
97
17
87
35
87
35

Accuracy L3
Polish
Mean SD
86
34
84
36
82
38
82
38
94
22
88
32

Figures 1 and 2 present learner group comparisons on
the perception of L2 and L3 rhotics (in both positions)
at T1 and T2, accuracy and RT scores, respectively.
It shows that the two groups did not differ in their
perception of L2 English rhotic sounds at either
testing time. However, L1 German children scored
significantly higher on the perception of L3 Polish
rhotics than their counterparts in the perception of L3
German rhotics at both T1 (Z=-3.49, p<.0005) and T2
(Z=-7.23, p<.0001), and were also faster in providing
their Polish rhotics naturaleness judgements at both
T1 and T2 (Z=4.18, p<.0001 and Z= 3.98, p<.0001,
respectively).
Figure 1: Group comparison of mean accuracy in
per cent for the perception of L2 English and L3
German/Polish rhotics by L1 Polish and L1 German
children at T1 and T2. Error bars represent 95%
confidence intervals.

Table 2 presents the accuracy results for the
perceptual performance in both L2 and L3 of the L1
German group at the two testing points. It shows that
the L1 German children perceived the rhotics in both
their non-native languages highly accurately. Yet,
Mann-Whitney U-test showed that, similarly to the
L1 Polish group, the L1 German children were more
accurate in perceiving the L2 English rhotics than the
L3 Polish rhotics (T1: Z=2.21, p<.03; T2: Z=2.41,
p<.01), and that these differences were driven by
items with rhotics occurring in the initial position..
Yet, an accurate decision on the naturalness of the
English stimuli took the L1 German children longer
to make than on the Polish stimuli at both T1 (Z=3.57,
p<.0004) and T2 (Z=2.41, p<.004). No significant
differences between the two testing times were found
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Figure 2: Group comparison of mean RT scores for the
perception of L2 English and L3 German/Polish rhotics
by L1 Polish and L1 German children at T1 and T2.
Error bars represent 95% confidence intervals.
ms

4. DISCUSSION
The results of the present study show that both Polish
and German children can perceive L2 English rhotics
highly accurately and consistently after about five
years of instructed learning experience. They differ,
however, on how accurately they perceive novel
rhotics in the beginning stages of L3 learning. The
L1 Polish children perceived the most marked L3
German uvular fricatives (the variant occurring in the
German stimuli) less accurately and less consistently
than the L1 German children perceived the least
marked L3 Polish alveolar trills. This would be in
agreement with the predictions of the Markedness
Differential Hypothesis ([9]). This prediction also
seems true for our finding that the L1 Polish children
further perceived the L3 rhotics less accurately than
the lesser marked L2 English post-alveolar
approximants, while the L1 German children, whose
L1 uses the most marked rhotics, perceived relatively
marked English rhotics better than the Polish
unmarked alveolar trills and taps. Recall that the
German children perceived English rhotics with 95%
and 94% accuracy rate, and Polish rhotics with 86%
and 84% accuracy rate at T1 and T2, respectively. In
other words, the rhotic sounds of both their nonnative languages were perceived with high accuracy;
yet, perceiving the English rhotics resourced
significantly more processing time of the German
children than perceiving the Polish rhotics,
suggesting a degree of perceptual challenge on their
part with respect to post-alveolar approximants as
compared to alveolar trills.
Another explanation of our results, not
necessarily incompatible with the proposed
markedness account, might be that certain phonetic
structures are perceptually more salient than others,
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and/or that certain physical/acoustic or articulatory
configurations are easier to perceive and produce, and
consequently to learn ([9]). These two accounts may
help illuminate why previous research into bilingual
advantage in phonetic discrimination of novel sounds
sometimes yielded mixed results.
Finally, brief teacher interviews at T3 revealed
rather inconsistent realisations of the uvular fricative
by the German teacher of the Polish children, which
may have influenced their developing sense of
naturalness of German rhotics.
Growing, though still limited experience (fifth to
ninth month of instructed learning) with the L3 did
not result in a measurable change in accuracy of L3
rhotic perception for the learners of the present study.
In the L1 German group, the results for L3 Polish
rhotics were relatively high and stable between T1
and T2. In turn, the L1 Polish group performed at
chance levels and had significantly lower scores in L3
German rhotic perception at T2 than at T1. This
perceptual instability on the part of the Polish
children would be important to further follow as it
likely points at an important transitional stage in the
development of their L3 speech perception, as
theorized in process-oriented, non-linear accounts of
foreign language acquisition ([16]). For L2 English
rhotics, no significant changes in perceptual accuracy
or reaction time between T1 and T2 were found for
the two learner groups as a result of the additional
experience with L3 learning. This result may be seen
as the young multilinguals reaching a stable, optimal
state of L2 rhotic perception after five years of
instructed learning, which, however, is not to be
interpreted as indicating an end state but rather also
deserving further longitudinal investigation.
5. CONCLUSION
Our findings show that multilingual speech learning
depends on a complex interaction between learnerinternal and learner-external factors. The learner’s
L1, markedness and L2/L3 proficiency all interact in
determining the development of non-native speech
perception. With regard to the interplay of language
proficiency, as an index of the quantity and quality of
language learning experience, and markedness, other
configurations of marked and unmarked sounds in the
L1, L2 and L3 should be tested in further longitudinal
research to reveal the relative importance of both
factors in the development of multilingual speech
perception. Validating a suitable measure of
(phonological) proficiency for multilingual learners
will also be paramount in the endeavour.
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ABSTRACT
Phonological working memory is positioned as a
crucial predictor in the acquisition of phonology of
new languages; it may influence the discrimination
of phonological features, resulting in the formation
of their more accurate representations (e.g. [1]). To
investigate the role of this potential predictor, the
study tested phonological working memory of 25
adolescent sequential trilinguals (L1-Polish, L2English, L3-German). The results were correlated
with the overall scores of L2 and L3 individual
phonological accuracy obtained in a delayed
repetition task (the focal features/processes included
rhotics and final obstruent devoicing). The observed
correlations indicated a moderately positive
relationship between phonological working memory
and phonological accuracy; the participants with
higher PWM scores exhibited more target-like
features in L2 and L3 production.
Keywords: multilingualism, language production,
phonological working memory.
1. INTRODUCTION
Phonological working memory, in other words,
phonological short term memory constitutes a
component of working memory responsible for the
maintenance of verbal and acoustic information [2].
Phonological working memory (PWM) has been
described as a substantial factor in linguistic
performance, which may be related to maintenance
and processing of linguistic information, vocabulary
acquisition or reading in monolingual and bi/multilingual contexts [4, 7, 8, 11, 12]. Moreover,
phonological working memory is highly individual
[5], therefore, it may serve as a measure of
individual differences in language acquisition.
A number of studies exploring the relationship
between phonological working memory and foreign
language speech perception and production have
shown that memory capacity may be linked to the
improved performance in the second or additional
language (L2/ Ln). It was observed [1] that a group
of Spanish-Catalan EFL learners scoring high
on phonological working memory exhibited higher
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perceptual accuracy in the perception of English
monophthongs. Further, higher storage capacity was
found to be related to the overall phonological
development in L2 phonological processing of adult
Korean-English bilinguals [5]. A study focusing on
the interface of phonology and semantics, showed a
relationship between phonological working memory
and the acquisition of cross-linguistic phonological
regularities in a study of cognate acquisition in
Frisian-Dutch bilingual children [3]. The results
obtained in the studies listed above, allow to
hypothesise that phonological working memory may
play a significant role in the identification of
phonological features as well as formation of their
accurate representations [1, 5, 3].
The overviewed studies resorted to different
measures in order to assess the capacity of
phonological working memory, including a serial
nonword recognition task, a digit-based simple span
task (backward and forward) and sentence repetition
tasks. According to Perrachione et al. [13], tasks
based on nonwords and pseudoword repetition tap
into the mechanisms of core speech perceptions such
as encoding, storage and production by isolating
these components from the influence of semantics.
Additionally, nonword and pseudoword tasks based
on L1-phonotactics [10, 14] may show the
relationship between the mechanisms of L1 speech
processing, and their influence on the subsequently
acquired languages.
The relationship between language acquisition
and phonological working memory has rarely been
examined beyond the bilingual context. By reaching
out to multilingual participants, and accounting for
their speech production in L2 and L3, the current
study aims to broaden the previously adopted
perspective. The investigation of phonological
working memory in a new context of
multilingualism may further explore its role as a
potential predictor of third or additional (L3 / Ln)
language acquisition.

2. METHOD
2.1. Aims

The present study aims to examine the relationship
between the phonological working memory,
operationalised as accuracy in a pseudoword
repetition task, and foreign language speech
production, operationalised as target-like renditions
of rhotics and final obstruents.
The research question posed in the study was as
follows: what is the relationship between
phonological working memory and speech
production of young multilinguals?
It is hypothesised that the participants who score
high on the pseudoword repetition task will also
exhibit higher scores on L2 and L3 production
measure due to their more accurate representations
of the examined features. The focal features were
determined by the contrasts between the
phonological systems of L1 Polish, L2 English and
L3 German. Polish and German) feature final
obstruent devoicing, whereas English has no
phonological devoicing. Further, rhotic consonants
articulations differ across the
investigated
languages, with L1 Polish including an alveolar trill,
L2 English a postalveolar approximant and L3
German a uvular fricative or trill. Such a selection
of focal features was thus intended to examine
participants’ sensitivity to contrastive features
manifested in speech production in multiple
languages.
2.2. Participants

The participants were 27 adolescent trilinguals
(mean age=12.64, SD=0.48), L1 native speakers of
Polish, acquiring English as L2 (years of formal
instruction, M=7.1) and German as L3 (years of
formal instruction M=0.19) in the formal context of
primary education. All participants were enrolled in
the same class of a Polish primary school and
received foreign language instruction from the same
teachers. Two participants were excluded from the
analysis due to their differing linguistic profiles
(based on language background questionnaires). The
participants were tested individually in a quiet room
on the premises of the school. Three tasks described
below were a part of a larger battery of tests
examining phonological development of young
multilinguals in a longitudinal research project.
2.3. Production task

The L2 and L3 production was examined in delayed
repetition tasks (separate for each language). The
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task consisted of a sequence of pre-recorded mini
dialogues. Sentence 1. contained a target word with
a target feature, namely, a rhotic consonant or a final
obstruent. Sentence 2. served as an intervening
material, reducing a short-term recall and the risk of
direct imitation in order to access the participants’
representations of the features. Each participant was
instructed to listen to the pre-recorded material, and
repeat sentence 1. after hearing the complete
sequence of a mini-dialogue. The sequences were
recorded by native speakers of the respective
languages (the varieties used in the study were
Standard Southern British English and Standard
German).
An example of a mini-dialogue in the delayed
repetition task in L2:
Sentence 1 (speaker 1): I say *target word* again.
Sentence 2 (speaker 2). What do you say?
Participant: I say * target word* again.
Each task included 4 tokens containing one of the
two feature (16 tokens in total). The responses of
the participants were audio recorded by means of a
dynamic microphone plugged to a computer via an
external soundcard (2 channel recordings,
16bit, 44.1 kHz). The task was non-speeded, and
adjusted to the individual pace of the participants.
The set of tokens included also other contrastive
features, which will be analysed as a part of a larger
project.
2.4. Pseudoword repetition task

PWM was assessed in a pseudoword repetition task
which involved the repetition of 29 pseudowords
abiding by the rules of Polish phonotactics. The
items recorded by a native speaker were arranged in
the order of increasing length (from 2 to 6 syllables).
The participants were asked to repeat each word
immediately after a short sound signal following the
presentation. The pseudowords were selected from
the Polish Pseudo-words List (PPwL) [9]. PPwL was
independently rated according to the criteria of
permittable syllable structure, fluency of reading,
compliance with Polish spelling rules and
dissimilarity with the words existing in Polish.
Words featured in the task had the congruency index
of 1. The 6-six syllable category was not present in
the original list, therefore, a set of additional words
created by combining randomly selected PPwL
items was added (phonotactically permitted and not
associated with any existing word). The pseudoword
repetition task correlated positively with the results
obtained in a standardised measure of working
memory, i.e. a forward digit span task that was also
administered in the present study (r=.665, N=25,
p<.001).

Table 2: The scores (accuracy rating) for L2 and
L3 production.

3. RESULTS
3.1. Accuracy ratings

L2 score

3.1.1. Pseudoword repetition task
Recordings of the pseudowords obtained in the task
were rated in terms of their accuracy on the
phonemic level. Each item was classified as
‘accurate’ or ‘inaccurate’, scoring respectively 1 or 0
points (amassing to 29 for 100% accuracy). The
most common errors in rendition of the pseudowords
included phonemic substitution and deletion (both
on segmental and syllabic level). The results of the
accuracy ratings are presented in Table 1.

L3 score

N

25

25

Mean

3.5

2.5

3

2

1.8

1.61

Median
SD

Figure 1 shows the comparison of the results in
the pseudoword repetition task and the global
scores for L2 and L3, both transformed into
percentages.
Figure 1: The individual scores (accuracy rating)
of L2 and L3 production (global) and phonological
working memory task (in percentages).

Table 1: The results of the accuracy rating in the
pseudoword repetition task.
pseudoword repetition task
N
Mean

100

25

80

21.4

Median

21

SD

3.5

60
40
20
0
1

3.1.2. Delayed repetition task in L2 and L3
Recordings obtained in the delayed repetition tasks
in L2 and L3 were rated by two independent,
phonetically trained raters, who received extensive
instructions regarding the target features and the
general nature of the task. The rating scale was
binary, therefore, the production was rated as either
accurate
or
inaccurate;
accuracy
being
operationalised as target-like production of a given
feature. For the L2 delayed repetition task (in
English), the target-like rendition of rhotics was a
postalveolar approximant, and no phonological
devoicing for final obstruents. For the L3 delayed
repetition task (in German), the target-like
realisations included uvular fricative or trill and final
obstruent devoicing. Inter-rater reliability measured
using Cohen's Kappa indicated a substantial
agreement (k=0.67, p<.05) between the two raters.
Items which obtained a low congruency score were
rated by an additional, third rater. The accuracy
results for L2 and L3 were added up to generate a
global, multilingual accuracy score (M=6, SD=2.4).
Maximum global score was 16 (4 items per feature
in each language; 8 items per language in total).
Table 2 demonstrates the scores in L2 and L3
production of the features under investigation.
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3

5

7

9 11 13 15 17 19 21 23 25

global accuracy - delayed repetition

PWM task

Non-target like production for rhotic consonant in
L2 English included L1-like realisations and
occasional substitutions with other sounds, whereas
final obstruents were devoiced. Non-target
realisations for L3 German rhotic consonant
included L1- and L2-like realisations, and voiced
obstruents for final obstruent devoicing.
3.2. Across-task comparison

It was hypothesised that the participants who score
high on the pseudoword repetition task will also
exhibit improved scores on the L2 and L3
production measure due to their more accurate
representations of features. In order to examine this
relationship Pearson’s correlation coefficient was
computed between the datasets obtained in a
pseudoword repetition task and delayed repetition
tasks (combined – global). As shown in Figure 2 the
pseudoword repetition scores correlate moderately
with the global accuracy scores for L2 and L3
(r=0.41, N=25, p<.05). A moderately positive
relationship between the scores on the phonological
working memory task and the L2 and L3 production
task indicates that higher memory capacity is related
to the development of more target-like categories in

multilingual speech production. Results for the
correlation between the PWM measure and the L2
and L3 languages treated separately were not
statistically significant (for L2 – r=0.32, p=0.13; for
L3 – r=0.26, p=0.22).
Figure 2: Scatter plot showing a moderately positive
correlation between the scores obtained in the
pseudoword repetition task and the L2 and L3 delayed
repetition tasks (global).

4. DISCUSSION AND CONCLUSIONS
The study investigated the potential relationship
between phonological working memory and speech
production in young multilinguals. Emergent
trilinguals took part in a pseudoword repetition task
aimed at examining the capacity of phonological
working memory. Multilingual speech production of
the participants was examined by means of a
delayed repetition task in their L2 and L3. The
obtained results suggest that there is a moderately
positive relationship between the scores on the
phonological working memory task and the L2 and
L3 production. Such a finding indicates that higher
memory capacity may be related to the development
of more target-like categories in multilingual speech
production.
The present findings correspond with the results
of the previous studies [1, 5, 3], which observed a
positive relationship between the phonological
development (operationalised as both perception and
production) and phonological working memory
capacity. Consequently, such results may indicate
that phonological working memory plays a
significant role in the identification of the
phonological features and formation of their
representations observed in multilingual production.
Moreover, this relationship may further suggest that
pseudoword repetition task constitutes a valid
measure of individual differences in the
investigation
of
multilingual
phonological
development.
In order to examine the relationship between
multilingual speech production and phonological
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working memory in a broader context, the analysis
of the remaining contrastive features in L2 and L3 is
required. Consequently, with a greater number of
testing items the global score of phonological
accuracy may be replaced by separate scores for
each language, more sensitive to varying proficiency
levels. Additionally, the auditory analysis can be
supplemented with an acoustic analysis.
Further analysis of the data obtained in the
subsequent testing sessions in the study (T2, T3) is
necessary to account for the role of the increasing
proficiency in the production accuracy for both
languages. Moreover, a comparison with the scores
and profiles obtained in the perception task,
metalinguistic awareness task and language
background questionnaire, which were also
administered as part of a larger project, would cast
more light on the acquisition process. Such an
evaluation of the additional measures will account
for other variables (such as speech perception,
psychotypology, language exposure), and generate a
wider picture of phonological development in
multilingual acquisition.
The analysis of the pseudoword repetition task
may be also extended to encompass the syllabic
level; an accuracy score may be computed on the
basis of the number of correctly rendered syllables.
Additionally, in order to increase its comparability
with a digit span task which employs a cut-off
threshold, the accuracy score may be counted up to
the point of incorrect renditions of two subsequent
items.
The current study aimed to fill the existing gap in
the research on how phonological working memory
relates to language acquisition in multilingual
speakers. The findings point to a moderately positive
relationship between phonological working memory
capacity and speech production in L2 and L3.
Further research is needed to corroborate the role of
PWM as a predictor in the acquisition of foreign
language phonology from a multilingual perspective.
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languages that use pitch to express intonational
meaning, while Cantonese is a tone language in which
pitch is additionally used to distinguish lexical
meaning. Given these mismatches, it would be
interesting to ask how the L3 prosody will be when
Cantonese-English bilinguals learn an additional L3
German. Will they carry the L1 Cantonese prosody to
L3, or will the experience of L2 English help them
acquire the L3 German, because of the higher
similarity between German and English than between
German and Cantonese in terms of prosody?

ABSTRACT
This study investigates the acquisition of prosody in
a third language (L3) by speakers of first language
(L1) Cantonese and second language (L2) English,
with the goal of understanding the factors
characterising L3 prosody. Recordings of 13
trilinguals’ read speech in their two non-native
languages were compared with those of German and
English native speakers in 15 suprasegmental
measures. Results show that the L3 German was more
syllable-timed, slower, less fluent and contained more
IP-final rises than native German was. L3 speech
rhythm exhibited transfers effects from both the L1
and the L2 interlanguage, as well as developmental
characteristics. In contrast, features such as speaking
rate, pause and IP-final rises reflected more of
speakers’ general proficiency. Therefore, L3 prosodic
acquisition should be viewed as a complex
dynamicity of various interplaying factors.

2. METHOD
The study collected read speech samples from
trilinguals and native speakers, and then calculated
multiple measurements for the quantification of
speech prosody. Not only trilinguals’ L3 German
speech, but also their L2 English speech were
analysed because the trilinguals were non-native L2
English speakers and any L2 influence on L3 should
be interpreted from trilinguals’ L2 interlanguage
rather than canonical standard English.

Keywords: Third Language, Prosody, Rhythm,
German, English, Cantonese

2.1. Participants

1. INTRODUCTION

Participants of this study were 13 Cantonese-EnglishGerman trilingual speakers (F = 7, M = 6, M age =
22.5 years, SD = 0.74), 13 English native speakers (F
= 8, M = 5, M age = 26.1 years, SD = 3.13), and 13
German native speakers (F = 11, Male = 2, M age =
26.4 years, SD = 5.44).
The trilinguals were more proficient in L2 English
than in L3 German. They started learning L2 English
at age 3.0 (SD = 0.67), and L3 German at age 18.4
(SD = 0.93). Their L2 English proficiency
corresponded to IELTS 6.8 (SD = 0.91), and their L3
German proficiency was confirmed as preintermediate (A2-B1 in Common European
Framework). Since the target trilinguals were Hong
Kong youngsters who were taught British English in
schools but were increasingly affected by American
pop culture, most of them tried to approach a British
accent while some preferred an American accent. To
set the native norm for this group of English learners,
the study recruited ten of the native English speakers
from the United Kingdom and three from the United
States. The German native speakers were all from
Germany and spoke Northern Standard German.

Prosodic deviation in non-native speech is
notoriously persistent [1] and can substantially
contribute to non-native speakers’ foreign accent [2].
Nevertheless, most studies on non-native prosody are
based on bilinguals, while hardly any study has
examined trilingual speakers. Different from L2,
imperfection in L3 prosody can be subject to various
sources of transfer such as one’s L2 [3], a joint force
of L1 and L2 [4] [5], or the language that is
typologically closer to L3 [6]. An investigation of L3
prosody should therefore consider characteristics of
speakers’ L1 and L2. The present study on L3
prosody examines the non-native production of
passages by Cantonese-English-German trilinguals,
whose L3 German is similar to L2 English but
different from L1 Cantonese in prosody. In terms of
speech rhythm, English and German are “stresstimed” languages that have a substantial contrast
between stressed and reduced vowels and allow a
complex syllable structure [7], [8], while Cantonese
is a typical “syllable-timed” language that does not
have stress-related vowel lengthening or reduction,
and only has a simple syllable structures [9]. As for
intonation, English and German are non-tonal
1
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2.2. Material and procedure

made between native English and L2 English, native
German and L3 German, as well as between
trilinguals’ L2 English and L3 German through the R
package “lsmean” [15]. The results were shown in
Figure 1 and described below.

The materials were two equivalent self-introduction
passages of 106 words in English and 104 words in
German. The sentence structure and vocabulary were
designed to be as simple as possible to elicit natural
connected speech from nonproficient speakers.
Participants read the materials in a clear and
natural manner at a comfortable speech rate in a
sound-attenuated room. The trilingual group read
English and German passages in a counterbalanced
order, and the two native control groups read in their
L1s. Recordings were made with a portable recorder
at a 44.1kHz/16bit sampling rate. After the main task,
participants completed a language background survey
and were paid for the participation.

Table 1: Summary of prosodic measurements
Measures
Description
1. Speech rhythm
%V
The sum of vocalic interval duration divided
by the total duration of vocalic and
consonantal intervals and multiplied by 100.
[12]
VarcoV
The standard deviation of vocalic interval
duration divided by the mean vocalic interval
duration and multiplied by 100. [12], [13]
VarcoC
The standard deviation of consonantal
interval duration divided by the mean
consonantal interval duration and multiplied
by 100. [12], [13]
rPVI-C
The raw pairwise variability index for
consonants.[7]
nPVI-V
The normalized pairwise variability for
vowels. [7]

3. STATISTICAL ANALYSIS AND RESULTS
Recordings were first divided into intonational
phrases (IPs) by the first author. For reliability, 30%
of the materials were processed by a native English
speaker and a native German speaker (the third
author) with the interrater agreement rates being
97.6% for English and 99.3% for German. In Praat
[10] TextGrids, the IPs were segmented into
phonemes and silent pauses using the automatic
aligner WebMAUS [11] and hand-corrected by
listening to the audio signal and by visual inspection
of the waveforms and spectrogram. From the
phonemic annotations, vocalic and consonantal
intervals were derived following the principles in
Grabe and Low [7].
Table 1 lists the measurements taken by this study.
Among them, %V, VarcoV, VarcoC, nPVI-V, rPVIC, speech rate, articulation rate, final word
proportion, IP duration and pitch range were
measured by each IP, whereas the number of pauses,
mean pause duration, the number of IPs, the number
of IP-final rises, and the degree of IP-final rise in
semitone were measured by each participant.
For group and language comparisons, separate
linear mixed-effects models were built on each of the
prosodic measure using the “lme4” package in R
Studio [14]. All of the models first included Language
(English vs. German), Group (Native group vs.
Trilingual group) and their interaction as fixed
effects. For variables measured per IP, the models
included by-subject and by-IP random intercepts and
random slopes for language. For variables measured
per speaker, the models included by-subject random
intercepts and by-subject random slopes for language.
The best fit models were selected with backward
elimination that removed insignificant predictors
based on Maximum Likelihood Chi-squared tests.
Post-hoc comparisons with Tukey adjustment were

2. Speaking rate
Speech rate The number of syllables per second.
Articulation The number of syllables per second excluding
rate
silent pause time.
IP duration

The duration of an intonational phrase.

3. Intonation
Pitch range The distance between the highest point and
the lowest point on the pitch contour.
Number of
The number of IPs that ended with a rising
IP-final
pitch. IP-final rises were identified by two
rises
annotators and the interrater agreement was
98.5% for English and 97.4% for German.
Degree of
The average distance between the lowest and
IP-final rise the highest points on the rising pitch contour
for IPs that ended with a rising pitch.
4. Boundary division
Final word
The ratio of the duration of the last word to
proportion
the total IP duration multiplied by 100.
Number of
The total number of silent pauses above 100
pauses
ms.
Mean pause The total duration of pauses above 100 ms.
duration
divided by the number of pauses.
Number of
The total number of intonational phrases
IPs
3.1. Speech rhythm

The %V model included Language (𝜒2(1) =
32.74, p < 0.001) and Language × Group interaction
(𝜒2(2) = 30.33, p < 0.001) as fixed effects. Post-hoc
test shows that trilinguals’ L3 German production had
2
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p < .03) shows that L3 German had a larger scale of
rise at IP boundaries than native German (p < .05).

higher %V than English natives (p < .001) but their
L2 English and native English did not differ
significantly (p = .81). Trilinguals’ L3 had higher %V
than L2 (p < .001); the VarcoV model with Group
(𝜒2(1) = 6.5, p < .05) and Language × Group
interaction (𝜒2(2) = 14.86, p < 0.001) shows that L3
German did not differ significantly from native
German (p = .99), while L2 English had higher
VarcoV than native English (p < .001); the model on
VarcoC with Group (𝜒 (1) = 6.52, p < .05) and
Language × Group interaction (𝜒 (2) = 14.86, p <
.001) indicates that L3 German had higher VarcoC
than native German (p < .001) and L2 English (p
<.001); the model on nPVI-V with effect of Group
(𝜒 (1) = 15.84, p < .001) shows that in both English
and German, trilinguals produced significantly lower
nPVI-V values than natives (p < .001); the model on
rPVI-C with Group (𝜒 (1) = 27.53, p < .001) and
Language × Group interaction (𝜒 (1) = 13.96, p <
.001) as fixed effects suggests that trilinguals had
higher rPVI-C in L3 German than native speakers (p
< .001), while trilinguals’ L2 English did not differ
significantly from natives in rPVI-C (p = .99).

3.4. Boundary division

As an estimation of final lengthening, final word
proportion did not differ between native and nonnative speech or between German and English
speech; the model on number of pauses with
Language (𝜒2(1) = 8.69, p < .01), Group (𝜒2(1) =
21.63, p < .001), and their interaction (𝜒2(1) = 25.61,
p < .001) as fixed effects shows that more pauses were
produced in trilinguals’ L3 German than in native
German (p < .01); no significant difference was found
between English and German, or between natives and
non-natives in the duration of pauses; the model on
the number of IPs produced with fixed effects of
Language (𝜒 (1) = 11.67, p < .001) and Group (𝜒 (1)
= 9.27, p < .01) suggests that L3 German utterances
were divided into more IPs than native utterances
were (p < .001).

2

2

2

2

2

2

2

Figure 1: Group comparisons of the prosodic
measures

3.2. Speaking rate

VarcoV

%V

***
NS

The model on speech rate with Language (𝜒2(1) =
37.78, p < .001), Group (𝜒2(1) = 9.72, p < .001) and
their interaction (𝜒2(1) = 12.75, p < .001) as fixed
effects shows that trilinguals had lower speech rate
than natives in L3 (p < .001), but not in L2 (p = .73).
Speech rate of trilinguals’ L3 was lower than that of
L2 (p < .001); the model on articulation rate with
main effects of Language (𝜒 (1) = 13.88, p < .001) and
Group (𝜒 (1) = 25.14, p < .001) indicates that L2
English and L3 German were articulated more slowly
than native English (p <. 01) and native German (p <
.001), respectively; the model on IP duration with
Language (𝜒 (1) = 75.49, p < .001) and Language ×
Group interaction (𝜒 (1) = 53.51, p < .001) as fixed
effects shows that IPs in L3 German took longer time
than those in native German (p < .001) and in L2
English (p < .001). In contrast, the duration of IPs in
L2 English was shorter than that in native English (p
< .01).
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No group or language difference was found in
pitch range; the model on the number of IP-final rises
with Group (𝜒2(1) = 8.07, p < .01) as the fixed effect
shows that trilinguals implemented more rises at IP
boundaries than native speakers in both English and
German (p < .01); the model on the degree of IP-final
rise with Language × Group interaction (𝜒2(3) = 8.40,
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syllable-timing in L3 might be due to the speakers’
syllable-timed L1 Cantonese, or to a universal
trajectory of developing from syllable-timed to stresstimed rhythm [21]. Transfer from speakers’ L2
interlanguage is seen in the high consistency between
speakers’ L2 and L3 productions in most of the
rhythmic measurements except for %V and rPVI-C.
group
Meanwhile, if L3 speech is only affected by L1
transfer and the unmarked syllable-timed rhythm,
with pre-intermediate proficiency and limited
language experience, the L3 German should have
been extremely syllable-timed, which is inconsistent
with the actual patterns in this study, hence there
should be an additional facilitative effect of L2 on L3
acquisition.
Speaking rate and pause correspond closely with
speakers’ proficiency levels. Trilinguals’ less
proficient L3 German was slower and contained more
pauses, more IPs than native German, while their
more proficient English did not demonstrate such
divergences from English natives. The results are
consistent with previous studies suggesting that low
proficiency speakers tended to speak slowly [22] and
pause frequently [23] due to processing difficulties.
Trilinguals’ L3 and L2 had more instances of IPfinal rises than natives. This could possibly be
resulted from the increased number of IPs produced
by trilinguals’ than natives, as more IPs imply more
IP-final continuation rises. Another possibility is
related to the expression of paralinguistic intonational
meaning. According to Ohala [24], [25], high or
rising pitch has a social meaning of lack of
confidence, so trilinguals have possibly used a rising
pitch to express their uncertainty when speaking in
their non-native languages.

German

NS = not significant.
* p < .05; ** p < .01; *** p < .001.

4. DISCUSSION
In terms of rhythmic classification, both trilinguals’
L3 and L2 productions showed higher degrees of
syllable-timing than natives. L2 English had lower
vocalic variabilities measured in VarcoV and nPVIV. Similarly, trilinguals’ L3 German produced lower
vocalic variabilities in nPVI-V and %V than natives.
These findings are consistent with the general
observation that non-native speech is less stresstimed than native speech in English [16]–[19].
Counterintuitively, increased VarcoC and rPVI-C
in L3 German suggest a larger consonantal variability
in L3 speech than in native speech. Careful reexamination of the original recording revealed that
trilinguals uttered every consonant in consonant
clusters one-by-one, while German natives more
often coarticulated consonant clusters so as to reduce
the durational differences between singleton
consonants and consonant clusters. In fact,
consonant-based metrics are suggested to be less
reliable than vowel equivalents due to connected
speech processes which affect consonants more than
vowels [20]. Thus, VarcoC and rPVI-C values are
viewed as artefacts that do not always truly reflect the
reality of speech rhythm.
Three factors are identified to result in L3 speech
timing: universal developmental effects, L1 transfer,
and L2 interlanguage transfer. Larger degrees of

5. CONCLUSION
In this study, Cantonese-English-German trilinguals’
prosody in German and English was compared to the
prosody of selected models of native German and
English regarding speech rhythm, speaking rate, pitch
pattern, and intonational phrasing. Among these
aspects, rhythmic properties see effects of L1 transfer,
L2 interlanguage transfer, and developmental
characteristics, while fluency aspects such as
speaking rate, pause, and continuation rises
demonstrate more of developmental traits. Thus,
prosodic acquisition by L3 speaker is a result of the
interaction between various factors. Such complexity
and dynamicity make trilinguals a unique group that
deserves more future research.
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ABSTRACT
Basque and Catalan speakers share similar language
profiles: L1 acquired at home (Basque/Catalan or the
majority language, Spanish), L2 acquired at the
onset of schooling (Spanish or Basque/Catalan), and
L3 English acquired later. Due to comparable
sociolinguistic
environments
and
differing
typologies, these populations are ideal for studying
L3 phonological acquisition. Basque and Catalan
share fricatives/affricates with English that regional
Spanish lacks (e.g. [ʃ,ts]); Catalan shares additional
vowels with English (e.g. [ɛ,ə]).
An examination of English vowel and
fricative/affricate perception and production by
Basque and Catalan speakers showed that while both
groups performed similarly in perceiving contrasts,
Catalan speakers also demonstrated advantages in
production, specifically for [ɛ] and word-final [t-ts].
However, despite Catalan unstressed [ə], Catalan
speakers did not demonstrate advantages in
perception or production of acoustically-similar [ʌ].
Rather than negative transfer from Spanish, this
suggests that L3 learners may demonstrate featurespecific advantages only when phones are
contrastive in the L1/L2.
Keywords: L3 phonological acquisition, L3
acquisition, multilingual acquisition, multilingualism
1. INTRODUCTION
Research in the field of third or additional language
(L3/Ln) acquisition has generated much recent
interest in multilingual language learning as a
distinct entity from second language learning.
Specific to phonology, L3 learners may have a
broadened phonetic repertoire that could assist in
overall L3 perception, production, and acquisition.
Models of L2 phonological acquisition may
provide a base upon which to build L3 models. The
Perceptual Assimilation Model (PAM) and its L2
extension [3] posit that L2 learners categorize and
assimilate new, non-native phones through contrast
discrimination. A contrast similar to a pre-existing
L1 contrast will be more accurately perceived. In the
Speech Learning Model (SLM) [13], a sound that is
similar to an L1 phone will be perceptually linked to
the existing L1 category. If there is no equivalent in
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the L1, another phonetic category will be created.
Sounds similar to existing sounds in the L1 will be
more difficult to perceive and produce. Additionally,
the Phonological Permeability Model [5],
specifically proposed for L3 phonological
acquisition, suggests separate mental representations
for native and non-native systems; the L2 system is
more greatly affected by the acquisition of L3
phones than the L1 system is.
The L1 and L2 may interact with the L3 in
different ways. Previous research on L3 acquisition,
focusing on lexical and morphosyntactic domains,
has found evidence supporting a psychotypological
explanation [8, 16]. Linguistic properties from either
the L1 or the L2 that show greater cross-linguistic
overlap with the L3 may be more susceptible to
transfer [25]. Evidence from the phonological
domain suggests that speakers may show greater
degrees of transfer from the L2 or more recently
acquired language [11, 14, 21, 28, 29, 30] or that
there is a combined L1/L2 effect [30, 31].
The Basque Country and Catalonia are ideal
locations for studying L3 acquisition, due to similar
linguistic environments. Populations in both regions
are bilingual in Spanish, and the local language
(Basque or Catalan) is the language of schooling.
Both populations usually encounter English as their
first foreign language. Additionally, while Catalan
and Spanish are typologically related, Basque is a
language isolate; all three languages are relatively
typologically distant from English. However, while
the phonological system of Basque is similar to that
of Spanish, Catalan and English share certain phones
or contrasts that both Basque and Spanish lack.
Studies on English vowel acquisition in these
regions have found that Catalan speakers perceive
and produce English /i, e, ɛ/ as similar to Catalan /i,
e, ɛ/. English /ɪ/ was perceived as a poor match to
Catalan /e/ and productions of /ɪ/ overlapped with /i/
[6, 7]. Productions of mid-vowel contrasts were
found to be robust, but perception was attenuated by
language dominance in bilinguals, with Spanishdominant speakers showing more difficulties [1].
Perception of English vowels and awareness of
discrimination difficulties were similar between
Basque L1 and Spanish L1 bilinguals [9, 10].
This paper examines L3 English phonological
acquisition, considering the relative similarities and
differences in phonological systems, with both

consonants and vowels under study. Regarding
consonants, Basque and Catalan speakers should be
expected to perform similarly regarding fricative and
affricate perception and production, as both Basque
and Catalan share similar categories with English,
which are lacking in regional Spanish.
Differences are expected in performance on
English vowels. Catalan speakers, due to experience
with a larger vowel inventory overall, may
outperform Basque speakers in perceiving and
producing all English vowel contrasts. However, it
is also possible that Catalan speakers will only show
advantages when a previously acquired contrast is
productive and meaningful in their L1/L2.
2. METHODS
The data come from 13 participants (F=5, M=8) in
the Basque Country and 6 participants (F=5, M=1)
in Catalonia. The Basque speakers were recruited
from San Sebastian (n=9) and Azpeitia (n=4). The
tasks were performed in quiet areas provided by the
Basque Center on Cognition, Brain and Language
and the Azpeitia Municipality. The Catalan speakers
were recruited from Barcelona (n=6), and the tasks
were performed in a quiet area provided by the
Universitat Autònoma de Barcelona or areas familiar
to the participant. Productions were recorded using a
Zoom H4N Pro portable recorder and an AKG C520 head-mounted microphone at 44.1kHz.
Participants completed a language background
questionnaire [22] to report language learning
history, relative input and use of each language, and
self-rated proficiency. Participants also completed a
cloze test (in Catalan) or lexical decision task (in
English [19], Spanish [15], Basque [12]) to obtain
objective proficiency scores. All Catalan speakers
were L1 Catalan speakers, and Basque speakers
were either L1 Basque (n=6) or L1 Spanish (n=7)
speakers. All speakers were highly proficient in their
L1/L2 and had comparable scores of upper
intermediate L3 English proficiency.
2.1. Perception

An ABX task was designed and administered in
Praat [4], with /i, ɪ, e(eɪ), ɛ, æ, ɑ, o(oʊ), ʌ/ in /bVt/
context; /s, ʃ, tʃ/ in word-initial /Cɪp/ context; and [t,
ts, ʃ, tʃ] in word-final /kæC/ context. Possible
responses included both ABA and ABB. Each
participant provided 6 ABX ratings per contrast.
The stimuli were recorded by two female, native
English speakers, with one speaker providing the
stimuli for AB and the other for X. The use of two
voices requires participants to abstract some features
of the stimulus, rather than listen for exact
repetitions of the acoustic signal.
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2.2. Production

A non-word repetition task was designed and
administered in Praat. The production task was
administered at least 24 hours after the perception
task. Participants first heard /i, ɪ, e(eɪ), ɛ, æ, ʌ, ɑ,
o(oʊ), ʊ, u/ in /hVd/ context and were asked to
repeat the word but change the final consonant from
[d] to [b]. Following previous methodology [26],
this minimizes tongue coarticulation and requires
participants to abstract phonemic vowel categories.
Vowels were manually segmented in Praat using
standard measurement criteria [23]. F1 and F2
values were extracted automatically at the midpoint
of the vowel and manually checked for accuracy. All
formant data were normalized with the Lobanov
method, using the vowels package [17] in R [24].
Secondly, participants heard [t, ts, ʃ, tʃ] in wordfinal /mæC/ and /bæC/ contexts. They were asked to
change the first letter of the word to [d], regardless
of the initial consonant that they heard. Recordings
were manually transcribed for accuracy.
2.3. Statistical analyses

For the ABX perception results, responses were
analyzed with binomial logistic regressions using
glm in R. More complex binomial mixed effects
regressions failed to converge. Linear mixed effects
regressions were run on formant values with the
function lmer in the package lme4 [2]. P-values were
obtained with the Satterthwaite approximation in
lmerTest [18]. Productions of word-final fricatives
and affricates were also analyzed with binomial
logistic regressions. Details regarding the structure
of the regressions are given in the results section.
3. RESULTS
3.1. Perception

A binomial logistic regression was run on the ABX
responses to the trials testing fricative and affricate
contrasts, with Contrast (7 levels), Language (2
levels: Basque, Catalan), and their interaction as
fixed effects. The output of the regression showed
significant differences in perception of word-final [tts] (β= -2.703, z= -3.560, p<0.001), and between
Basque and Catalan speakers in perception of the
same contrast (β=2.379, z=2.139, p<0.05). Wordfinal [t-ts] perception was significantly worse,
specifically for Basque speakers.
A second binomial logistic regression was run on
the ABX responses to the trials testing vowel
contrasts, with Contrast (12 levels), Language (2
levels), and their interaction as fixed effects. The
output of the regression showed significant

differences among accuracy with certain vowel
contrasts: /e-æ/ (β=2.909, z=2.770, p<0.01) and /o-ʌ/
(β=2.909, z=2.779, p<0.01), with significantly
higher accuracy; and /ɛ-æ/ (β= -0.910, z= -2.456,
p<0.05), /i-e/ (β= -0.180, z= -4.884, p<0.0001), /ɪ-e/
(β= -0.742, z= -1.981, p<0.05), with significantly
lower accuracy. Differences between language
groups were not significant.

Figure 2: Productions of English vowels by
Catalan speakers. Formant data have been rescaled
to Hertz-like values for presentation clarity only.

3.2. Production

For fricative and affricate productions, binomial
logistic regressions were run on each individual
target consonant, due to performance near or at
ceiling for all consonants and the resulting quasi
perfect separation of the accuracy measure. There
were no significant differences between Basque and
Catalan speakers. The only result that approached
significance (β=1.067, z=1.874, p=0.061) included
the combination of word-final [t] in the experimental
items and in filler words that ended in [t].
Figure 1 (made with the package ggplot2 [27])
shows the vowel plot of target English vowels by
Basque speakers. A visual inspection of the plot
shows an overlap in the vowel spaces of the front
vowels and of the back vowels. There is some
overlap in the productions of /i, e, ɪ, ɛ/, while /ɑ, ʌ/
show an almost complete overlap.
Figure 1: Productions of English vowels by
Basque speakers. Formant data have been rescaled
to Hertz-like values for presentation clarity only.

The regression output showed significant differences
among all vowels (p<0.001) as well as a significant
difference for productions of [ɛ] between Basque
and Catalan speakers for F1, or vowel height
(β=0.67, t=3.4, p<0.001) and F2, or vowel backness
(β=0.67, t=3.4, p<0.05). Post-hoc comparisons,
using the emmeans package [20], also returned
significant differences between Basque and Catalan
speakers in vowel height for /ɛ/ (p<0.001) and /ʌ/
(p<0.05); and in vowel backness for /ɛ/ (p<0.01), /ɑ/
(p<0.01) and /i/ (p<0.01). Within language, post-hoc
comparisons are summarized in Tables 1 and 2.
Table 1: Post-hoc comparisons for formant
of Basque speakers.
F1
F2
Contrast
Coef. β
p-value
Coef. β
i-e
0.538
<0.001
-0.323
i-ɪ
-0.771
<0.001
0.531
e-ɪ
-0.232
0.509
0.208
ɛ-e
-0.976
<0.001
0.757
ɛ-ɪ
0.743
<0.001
-0.549
ʌ-ɑ
0.092
0.998
0.058
ʌ-ʊ
0.755
<0.001
0.175
o-ɑ
0.906
<0.001
0.394
o-u
0.556
<0.001
0.026
o-ʊ
-0.242
0.448
-0.277
u-ʊ
-0.798
<0.001
-0.304

Figure 2 shows the vowel plot of target English
vowels by Catalan speakers. A visual inspection of
the plot shows that while there is some overlap
between /i, e, ɪ/, /ɛ/ occupies a completely separate
space. There is some overlap between /ɑ, ʌ/.
Two linear mixed effects regressions were run on
F1 and F2, with Vowel (10 levels), Language (2
levels: Basque, Catalan), and their interaction as
fixed factors, and Speaker as a random factor.
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values

p-value
<0.001
<0.001
0.039
<0.001
<0.001
0.996
0.159
<0.001
1.000
<0.001
<0.001

Results show that, while productions of /e/ and /ɪ/ do
not differ significantly for vowel height or backness,
they both differ significantly from /i/ and from /ɛ/.
/ʌ/ does not differ significantly from nearby /ɑ/ or
/ʊ/ in vowel backness but does differ from /ʊ/ in
height. The back vowels differ significantly from
one another in either vowel height or backness, with
/u - ʊ/ differing in both dimensions.

Table 2: Post-hoc comparisons for formant
of Catalan speakers.
F1
F2
Contrast
Coef. β
p-value
Coef. β
i-e
0.693
<0.01
-0.074
i-ɪ
-0.627
<0.01
0.188
e-ɪ
0.065
1.000
0.114
ɛ-e
-1.448
<0.001
0.543
ɛ-ɪ
1.513
<0.001
-0.429
ʌ-ɑ
-0.334
0.543
0.196
ʌ-ʊ
0.671
<0.001
-0.019
o-ɑ
1.178
<0.001
0.250
o-u
0.425
0.200
-0.152
o-ʊ
-0.171
0.988
-0.466
u-ʊ
-0.597
<0.01
-0.313

values

p-value
0.999
0.592
0.970
<0.001
<0.001
0.537
1.000
0.189
0.834
<0.001
<0.05

Results for Catalan productions also show that /e/
and /ɪ/ do not differ significantly for vowel height or
backness, and that both are significantly different
from /ɛ/. However, /e, ɪ/ differ from /i/ in vowel
height only. Results for /ʌ/ mirror those of the
Basque speakers, with /ʌ/ differing significantly
from /ʊ/ in height only. Back vowels /o-u/ do not
differ from each other, /o-ʊ/ differ only in vowel
height, and /u-ʊ/ differ in height and backness.
Regarding /ɑ/ and its overlap with /ʌ/, it is
important to note that the speaker who provided the
stimuli for the production task exhibited the cotcaught merger, so the phoneme transcribed as /ɑ/ is
actually a low-mid vowel and occupies, in part, the
phonetic space of [ɔ]. Figure 3 shows the stimuli
vowel plot, normed with participant productions.
Figure 3: Vowel plot of the task stimuli, rescaled
to Hertz-like values for presentation clarity only.

It is possible that listeners perceived and produced
the speaker’s /ɑ/ as a back mid vowel. Productions
of /ɑ/ differ significantly from /o/ in F1 for Catalan
speakers, and in F1 and F2 for Basque speakers.
4. DISCUSSION AND CONCLUSION
The perception and production data of Basque and
Catalan speakers showed key differences in their
acquisition of L3 English. While both groups were
near or at ceiling for perception of word-initial and
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word-final fricative and affricate contrasts, Basque
speakers as a group showed significantly more
difficulty with the word-final [t-ts] contrast.
Differences in productions of word-final [t]
approached but did not reach significance between
language groups. It is worth noting that errors with
[t] were almost always [ts] productions; aspiration of
the final stop, always present in the English stimuli,
may have been misinterpreted as frication. Although
word-final [t, ts] do occur in high frequency Basque
words, e.g. dit ‘abs-AUX-dat-1s-erg-3s’ (esan dit
‘s/he told me [something]’) and hitz ‘word’, the
Catalan word-final [t-ts] contrast closely mirrors the
English contrast, e.g. gat ‘cat’, gats ‘cats’.
No significant differences were found between
groups in the perception of vowel contrasts, but
there were differences in production. While Basque
productions of English /ɛ/ were significantly
different from their productions of /e, ɪ/, there was
some overlap among the three phones. Catalan
productions of /ɛ/, on the other hand, showed no
overlap with /e, ɪ/. The patterns found for Catalan
speakers align with previous studies [1, 6, 7].
Furthermore, despite the presence of unstressed
[ə] in Catalan and a wider vowel inventory overall,
Catalan speakers did not demonstrate advantages
over Basque speakers in the perception or
production of acoustically-similar [ʌ]. Productions
of /ʌ/ overlapped almost entirely with /ɑ/. Results
suggest that for both groups, a new category may
have been created for /ɑ, ɔ/, but /ʌ/ was not
perceptually or articulatorily different enough to
warrant an additional category, or vice versa.
Catalan speakers also did not demonstrate an
advantage over Basque speakers in perception or
production of back vowel contrasts that do not exist
in the L1/L2. Productions of /ɑ/ and /o/ were distinct
for both groups, and productions of /ʊ/ by both
groups were significantly different from /u/. This
may possibly be attributed to their upper
intermediate levels of English proficiency.
The results suggest that learners do not transfer
all of their phonological knowledge from a
previously-acquired language, even if that
knowledge would be beneficial to the learner. For
example, Basque speakers who have word-final [t,
ts] in Basque still demonstrate difficulties with
English contrasts, and Catalan speakers still
demonstrate difficulties in producing native-like
English /ʌ, ə/. Only some L3 phones (/ɛ/) were
categorized and assimilated accurately to L1/L2
categories (as PAM, SLM would predict). L3
learners may therefore demonstrate an advantage
only when phones are meaningfully contrastive in
the L1/L2. As such, this advantage is proposed to be
feature-specific for L3 phonological acquisition.
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ABSTRACT
This study investigated the acquisition of the
contrast between the voiced labiodental fricative /v/
and the labiovelar approximant /w/ in L2 English
and L3 Polish by 16 native German-speaking
children and adults, whose L1 does not have this
contrast. In a longitudinal design spanning the first
ten months of learning their L3 Polish, the study
focused on the role of age in the multilingual
acquisition of this contrast. Auditory analyses
showed that the adults have higher accuracy rates for
L2 English /v/ and /w/ than the children at all three
data points. By contrast, the children outperform the
adults in the accuracy of Polish /v/ and /w/ during
the first ten weeks of learning. Acoustic
measurements of F2, the median of the harmonicsto-noise ratio and the centre of gravity showed both
learner groups consistently use F2 but only the
children use voicing/friction to distinguish the /v//w/ contrast in Polish.
Keywords: age, L2/L3 phonological acquisition,
labiovelar approximant, voiced labiodental fricative.
1. INTRODUCTION
The acquisition of the contrast between the voiced
labiodental fricative /v/ and the labiovelar
approximant /w/ has been shown to be challenging
for adult L1 speakers of German, both in perception
([1], [8]) and production ([8], [12], [14]). One reason
for the observed difficulties of German learners with
the /v/-/w/ contrast might not only lie in the fact that
/w/ does not occur in the German phoneme
inventory, but also in the different phonetic
realizations of the phonological category /v/ in the
languages concerned. For instance, syllable-initial
/v/ is realized differently in English and German:
while English /v/ is produced with more energy and
stronger contact between the articulators ([3]), the
typical German realization of it is a weak labiodental
approximant [ʋ] ([13], [6]). It is thus possible that
the shared manner of articulation between English
and Polish [w] and German [ʋ] for /v/ leads to an
initial overlap between the two categories.
German learners’ production of this contrast has
been shown to vary with proficiency: [14], in a
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cross-sectional study, compared L1 German adult
learners of English of different proficiency levels
and found that the accuracy of /w/ increased from
25-65 % for beginners to 90 % and more for
advanced learners. Likewise, the accuracy of /v/
increased from an average of 10% to 70 % with
substitutions of /v/ by [w] peaking at about 10 % for
learners with intermediate proficiency. However,
cross-sectional group comparisons do not provide
reliable data for the description and prediction of
speech learning processes. In order to investigate the
acquisition process of this contrast by L1 German
speakers, longitudinal data will be analysed in this
study.
One further factor that may influence the process
of phonological acquisition is the age of learning.
The few studies that have compared phonological
abilities of younger and older instructed learners
offer conflicting evidence: Some found an advantage
of younger learners in formal L2 learning ([2], [11]),
while others found an advantage of older learners in
various phonological domains ([4], [5], [9]). Any
comparison of these results is made difficult by the
different learning conditions and differences in the
amount and quality of input that were experienced
by the learners in each of them.
Finally, the learners’ broader linguistic
experience has rarely been considered in studies into
non-native acquisition of phonology in formal
learning contexts, despite the fact that today’s
language classrooms almost never engage a learning
constellation in which the target language is the only
non-native language acquired by the young and even
more so the adult learner. Findings from the field of
third language (L3) acquisition indicate that all the
languages of the multilingual will interact and affect
the nature and course of further phonological
learning of both young and adult learners (e.g. [7],
[10]). The present study thus compares child and
adult learners’ production of the /v/-/w/ contrast in
both their L2 English and L3 Polish, languages that
share the existence of this contrast and were
acquired in the classroom by the two learner groups.
In summary, we investigated the following
research questions:
• How does the production of /v/ and /w/ in
English and Polish by German L1 speakers

•

change over time and with increasing
proficiency?
Do L1 German children differ from their adult
counterparts in the production of the /v/-/w/
contrast over time?
2. METHOD

2.1. Participants

A total of 16 L1 speakers of German participated in
the study, 9 children (aged 12-13) and 7 adults (aged
21-39). Both the children and the adults had learnt
English in school (average starting age 6 and 9
years, respectively) and had just begun learning
Polish. Five of the adults had learned further
languages such as French and Spanish.
2.2. Materials and procedure

All participants were recorded three times: after five
weeks (T1), after ten weeks (T2) and after ten
months of learning Polish (T3). They were recorded
on hand-held devices with a 44.1 kHz sampling rate,
while carrying out the following tasks:
• T1: picture naming, delayed repetition, story
telling in their L2; simplified delayed
repetition in their L3
• T2: picture naming, delayed repetition, story
telling in their L2 and L3
• T3: picture naming, delayed repetition, story
telling in their L2 and L3.
For the picture naming task, participants were
presented with pictures on a PowerPoint screen and
asked to name them at their own pace. Occasional
prompting by the experimenter occurred. For the
delayed repetition task, participants heard a word in
a carrier phrase (e.g. ‘I say X again’ in English) and
were asked to repeat the entire phrase after hearing a
prompt (e.g. ‘And what do you say’ in English). At
T1, they only heard the target word without a carrier
phrase in their L3 Polish. For the story telling task,
participants were presented with a picture story and
asked to describe what they saw. The experimenter
sometimes asked additional questions about the
pictures in order to elicit specific words. The
recordings for each of the languages were done on
separate days by L1 speakers of the respective
languages to create appropriate language modes.
Syllable-initial and syllable-medial /v/ and /w/
were elicited in the following target words across the
tasks:
• English /w/: one, wolf, water, wine, wind,
woman, weather, walking, rewind; /v/: vet,
vest, van, very, vanilla, over, novel, living;
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•

Polish /w/: ład, ława, ładna, mała, brała,
szkoła; /v/: woda, waza, wino, kawa, drzewo,
piwo, rower.

2.3. Analyses

All instances of /v/ (n = 639) and /w/ (n = 908)
produced in all tasks and both languages by the
participants were transcribed, using the entire IPA,
and analysed auditorily by two independent
phonetically trained raters (a native speaker of
German and a native speaker of Czech with
advanced Polish skills, both with near-native
competence in English). In case of disagreement, a
third rater (a native speaker of German, near-native
speaker of English and learner of Polish) was
consulted. In addition, all /v/ and /w/ produced by
the learners as well as those produced by the native
speakers of English and Polish who were recorded
for the stimuli in the tasks were analysed
acoustically as follows:
• average F2 of the interval (see [15]; F2
values in Hz were converted into a Bark
scale, using the conversion formula by [16],
p. 99)
• median of the harmonics-to-noise ratio (see
[6]), measuring the ratio of friction vs.
periodicity
• centre of gravity (see [6]), measuring the
average of frequencies over the entire
frequency domain weighted by the
amplitude (with the power spectrum).
Due to the small sample size, non-parametric tests
for between-subjects (Mann-Whitney U-test) and
within-subjects (Wilcoxon signed-rank test) designs
were used to examine the results of both the auditory
and acoustic analyses.
3. RESULTS
3.1. Auditory analysis of pronunciation accuracy

Tables 1 and 2 illustrate the accuracy rates of /v/ and
/w/ for the adults and children at T1, T2 and T3, as
based on the auditory analyses. Mann-Whitney Utests showed that the two groups overall produce /v/
and /w/ equally accurately in both L2 English and
L3 Polish at both T1 and T2. At T3, the adults
improved their accuracy of Polish /v/ compared to
T1 and T2 (Z = -2.032, p < .042 and Z = -2.201,
p < .028, respectively), whereas children’s accuracy
of Polish /w/ dropped from T1 and T2 at T3
(Z = -2.106, p < .035 and Z = -2.028, p < .043,
respectively).

Table 1: Accuracy (in %) of /v/ and /w/ in L2
English and L3 Polish produced by the adult
learners at all three data collection points.

English
T1
T2
T3

v
84.6
70.9
75

w
86.6
90.4
90.3

3.2. Acoustic analyses

Table 3 shows within-speaker statistics for the native
speaker of English (7 /v/, 12 /w/ tokens) and the
native speaker of Polish (10 /v/, 8 /w/ tokens), whose
speech was used as stimuli in the data elicitation
tasks. The speakers both produce /w/ with a
significantly lower F2 than /v/. The English native
speaker further shows a significantly lower centre of
gravity for /w/ than for /v/, while the native speaker
of Polish produces /w/ with a higher harmonicity
than /v/ in both initial and medial positions.

Polish
v
77.8
84
94.9

w
84.6
81.8
78.3

Table 2: Accuracy (in %) of /v/ and /w/ in L2
English and L3 Polish produced by the child
learners at all three data collection points.

English
T1
T2
T3

v
77.8
60.8
74.4

w
76.7
75.3
73.8

Table 3: Median of harmonics-to-noise ratio,
mean centre of gravity and mean F2 of /v/ and /w/
produced by the native speaker of English and of
Polish (*=p<0.05; **=p<0.01; ***=p<0.001).

Polish
v
95.6
90.2
82.7

w
85.7
84.6
69.4

English
v
w

Figure 1 shows the mispronunciation rates of the
/v/-/w/ contrast, i.e. the percentage of [v] produced
for /w/ and vice versa by the adult and child learners
across time.
In general, confusion of [v] and [w] in L2
English occurs more often for the children (ranging
from 15-26 %) than the adults (9-11 %) at all times.
By contrast, the children confuse the two sounds less
in their L3 Polish at T1 and T2 (7 %) in comparison
to the adults (12-17 %). At T3, however, the
children’s mispronunciations increase while the
adults’ drop. When comparing L2 and L3
mispronunciation rates, reverse patterns emerge for
the two groups at the first two testing times: The
children have higher mispronunciation rates in their
L2 and the adults in their L3. Interestingly, the
mispronunciation rate in the two languages becomes
more similar at T3 for both groups.

harmonicity
initial pos.
harmonicity
medial pos.
centre of
gravity
F2

Polish
v
w

14.1

18.4

13.7

19.3*

12.4

11.4

5.2

8.5*

3903

825**

1512

776

1829

981***

1532

1001***

Figure 2 provides F2 values of the adults and
children’s productions of /w/ and /v/ at T1, T2 and
T3. It shows that both the children and the adults
produce /w/ with a lower F2 than /v/ in both their L2
and L3 and across all testing times (p < .001).
Figure 2: Mean F2 (in Bk) of /v/ and /w/ in L2 English
and L3 Polish produced by the adult and child learners at
all three data collection points.

Figure 1: Percentage of /v/ produced as [w] and
vice versa in L2 English and L3 Polish by the adult
and child learners at all data collection points.

Figure 3 illustrates the mean values for centre of
gravity (in Hz), indicating that the adults made a
distinction between their /v/ and /w/ on this measure
in English at T1 (Z = -2.366, p < .018), and in Polish
at T2 and T3 (Z = -2.366, p < .018 and Z = -2.366,
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p < .018, respectively). The children distinguished
the contrast only in English, namely at T1
(Z = -2.429, p < .015) and at T3 (Z = -2.192,
p < .028), in terms of centre of gravity values.
Figure 3: Mean centre of gravity of /v/ and /w/
produced by the adults and children in their L2 and
L3 across all testing times.

Figure 4: Median of the harmonics-to-noise ratio
of /v/ and /w/ produced by the adults and children
in their L2 and L3 across all testing times.

4. DISCUSSION
Our results show that the acquisition process of the
/v/-/w/ contrast in English as an L2 and Polish as an
L3 by the L1 German speakers differs both between
languages and across the two learner groups. During
the first ten months of learning their L3 Polish, the
adults show an increasing acoustic differentiation of
the contrast between the fricative /v/ and the
approximant /w/ and confuse these sounds less as
learning progresses. Conversely, the children’s
production of L3 Polish /w/ is less accurate at T3
than before and the confusion between /v/ and /w/
increases. In contrast to the adults, however, the
children do not only mark the /v/-/w/ contrast in
Polish by differences in F2 but also in the
harmonicity median across all testing times.
The two learner groups also differ in their production of /v/ and /w/ in their L2 English. The adults
have a lower mispronunciation rate of these two
sounds than the children across all three testing
points, and in general show very little development
over the ten-month investigation. The children’s
phonological system of their L2 English, in contrast,
is less stable and seems to be affected by the
learning of the L3 Polish: they show a steep increase
of the mispronunciation rate in the production of
English /v/ at T2, after ten weeks of learning Polish.
Moreover, at this testing time, the children do not,
like the native speaker, distinguish the two sounds
by the centre of gravity as they did at T1, but
produce a difference in friction/periodicity instead,
which is used by the Polish native speaker for the
Polish /v/-/w/ contrast. Both learner groups use F2
consistently to distinguish English /w/ from /v/, but
neither have acquired the differences in the
amplitude of frequency ranges between these two
sounds.
5. CONCLUSION

Figure 4 shows the results of the third acoustic
measurement, the harmonicity median. Here, adults
only distinguished between Polish /v/ and /w/ at T2
(Z = -2.197, p = .028). The children, in contrast,
showed significant differences between their Polish
/v/ and /w/ at all testing times (T1: Z = -2.67,
p = .008; T2: Z = -2.547, p = .011; T3: Z = -2.429,
p = .015), but only distinguished between these
sounds using the friction vs periodicity parameter at
T2 in English (Z = -2.073, p = .038). Unlike the
native Polish speaker, neither the adults nor the
children made a distinction between initial and
medial /v/ and /w/ in terms of the harmonicity
median.
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The results of the present study indicate that the F2
distinction is acquired first as a marker of the /v/-/w/
contrast in both the L2 and the L3 of L1 German
children and adults. By contrast, the acoustic
parameters centre of gravity and the friction vs
periodicity ratio are used more variably: as a group,
the L1 German children mark the distinction
between L3 Polish /v/ and /w/ by the harmonicity
median and the distinction between L2 English /v/
and /w/ by the centre of gravity (at least at T1). The
L1 German adults rather show consistently different
centres of gravity in their L3 Polish and no
consistent pattern in their L2 English.
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ABSTRACT
The aim of the paper is to examine the acquisition of
vowel length as a distinctive feature from the
multilingual perspective. A group of 26 L1 Polish
first-year university students were presented with a
discrimination task (ABX) juxtaposing minimal pairs
containing vowel length contrasts in their L2 and L3.
The participants shared English as their L2 but were
subdivided into two groups according to their L3 (L3
German or L3 French). Since German and English
share the feature of phonemic vowel length while
French and Polish do not, it presents an opportunity
to examine the role of typology as a motivating factor
of Cross Linguistic Influence. The paper compares
the results of the perception task between two foreign
languages of a speaker, points to cross-group
differences, and discusses the sources of CLI in L2
and L3 phonology.
Keywords: L3 acquisition, perception, ABX, CLI
1. INTRODUCTION
The field of multilingual phonological acquisition is
still not the mainstream area of multilingual
investigation. This branch of Third Language
Acquisition (TLA) is very much a twenty-firstcentury domain, as first studies emerged in the 1990,
and since then the area has been gradually expanded
by such scholars as Cabrelli Amaro [3, 4], De Angelis
[6], Gut [9], or Wrembel [15, 16].
TLA research has focused mainly on the CrossLinguistic Influence (CLI) and factors shaping the
acquisition of an additional language (L3/Ln).
Determining those factors has been the general focus
of the TLA field models which have identified such
predictors as language status [1, 7], the learning
experience of the speaker [8], or typology [9, 10].
This paper examines the last of these three factors.
1.1. Typology in L3 acquisition models

Typology is a frequently quoted source of CLI on the
ground of multilingual acquisition: it has been proven
to motivate the transfer on the ground of sentence
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morphosyntax [11] or lexicon [5], and phonetics [4],
[5]. This paper examines language typology as a
possible factor conditioning the process of an
additional language acquisition. Rothman’s [12]
Typological Primacy Model (TPM) states that at the
initial stage of acquisition a speaker subconsciously
selects the language which is typologically the
closest, cross-linguistically overlapping mental
representations, and employs a holistic transfer of the
features exhibited by the typologically closest
language. A different approach is presented by
Westergaard et al. [14], whose Linguistic Proximity
Model (LPM) predicts transfer of the typologically
similar features selected on the property-by-property
basis rather than the overall typological similarity.
Leung [11], in turn, proposes full transfer at the initial
stage of acquisition, which is later shaped and
modified by TLA experience. It must be noted,
however, that none of these models was created with
phonology in mind, but rather syntactic and
morphological
development.
The
existent
phonological acquisition models do not allow for
typology as a determining factor for the ease of
acquisition and rely mainly on the qualitative
proximity of sounds.
1.2. Previous studies

In the understudied field of phonological TLA the
regressing L3-to-L2 CLI has barely been studied
Most studies have recognised the lateral direction of
CLI (Kopečkova [10], Gut [9], Wrembel [15, 16]) in
observing potential changes; none of those studies,
however, was designed with exploring the L3-to-L2
transfer in mind and they focused more on the other
direction of lateral CLI (L2-to-L3). The truly
pioneering study in the scope of reverse lateral CLI
was one conducted by Cabrelli Amaro [3], testing the
Phonological Permeability Hypothesis [4]. She found
that the newly introduced language had a bigger
impact on the L2 than on the L1 of the tested speakers.
This evidence of the L2’s sensitivity to the features
introduced by the new language prompts questions to
what extent it is visible in the phonology of
typologically close or distant languages.

2.2. Participants

2. THE STUDY
This paper attempts to bring some insight to the effect
of L3 experience on the L2 performance in the scope
of phonological perception. It also aims to explore
how two foreign languages sharing a phonological
feature could support each other in the process of
vowel discrimination.
The languages included in the study are Polish
(L1), English (L2), French and German (L3). The
selection of languages allows for exploring
typologically-motivated transfer. The understanding
of the term ‘typology’ is rather narrow, i.e. the fact
that languages exhibit a certain feature. It is
hypothesised that L3 German group will outperform
the other one, as for this group both foreign languages
share the investigated feature, while for the L3 French
group, vowel length is present in their L2 only.
Assuming multidirectionality of CLI, the extensive
training in L3 German should reinforce the presence
of the feature in the L2 as well. Given the limited
experience with L3, one might look more into the L2
effect on the L3, in which case L3Ger group should
also perform better due to the reinforcement of vowel
length property coming from the L2 experience.
2.1. Methodology

The paper aims to determine (RQ 1) whether the
shared property of phonemic vowel length will
enhance the performance in L2 vowel discrimination
for the typologically matched L3 group when
compared to unmatched L3 group and (RQ 2)
whether L2 experience with vowel length will
enhance the performance in L3 that exhibits the same
feature when compared to an L3 which does not. The
perceptual tests were designed employing minimal
pairs with L2 and L3 vowels, selected on the basis of
the PAM-L2 model [2]. According to this model the
vowels of a foreign language could be classified as
/a/-like, /o/-like and /i/-like categories for a Polish
speaker. The Polish system contains only six vowels,
while the speakers’ foreign languages exhibit much
richer systems, which opens the potential for
perceptual assimilation of multiple Ln sounds into
single categories of L1. The tested vowels are
presented in Table 1:
Table 1 Cross-language vowel correspondence

Polish
English
German
French

high, front

open, back

/i/
/ /, /i:/
/ /, /iː/
/i/, /y/

/ /
/ /, / :/
/ /, /oː/
/o/, / /

open,
unrounded
/a/
/æ/, / /, /aː/
/a/, /aː/
/ɑ/, /a/
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The participants of the study were 25 Polish first-year
university students of a foreign language philology.
They passed final exams in L2 English at the B2 level
and are receiving extensive training in L3 (300hrs of
language classes during an academic year) starting
from the elementary level. They were divided into
two groups determined by their L3 – German or
French (L3Ger vs. L3Fr). There were 7 males and 18
females, with the average age of 23 (SD=2.4). They
reported no injuries or ailments affecting their
memory or hearing. The learning experience of L2
was on average 11.6 years. The participants started
the course in their L3 from the basics 6 weeks prior
to the testing session, however, it must be noted that
a few of them had had some previous exposure to the
language and could therefore be classified as false
beginners.
2.3. Stimuli

The tested vowels were imbedded in mono- and
bisyllabic words of the respective languages, i.e.
minimal pairs featuring the sound in various
phonological contexts. In order to provide conditions
for CLI to occur there was no attempt to maintain a
monolingual language mode; the instructions for the
task were given in L1 Polish, and the tasks employing
the foreign languages of participants were used
intermittently within a bigger project, to activate all
languages known by the speaker. The perceptual
sensitivity was tested on an ABX discrimination task,
which presented 4 pairs for each vowel contrast, each
twice (a total of 28-32 tokens depending on the
language) with a counterbalanced order of the AB
stimuli. In each language two standard-accented
native speakers were used to create stimuli – one to
provide stimuli A and B, and another for the X
stimulus in order to allow for inter-speaker variation
and hence ensure that the tested skill relied on
categorical perception rather than perception of
acoustic similarity.
2.4. Tasks

Testing took place in a quiet room. The participants
were asked to perform an ABX perceptual
discrimination task – a standard task presenting two
different words and a third one, which is a repetition
of either of the former two words. The task of the
listener was to determine whether the third word (X)
was the same as the first (A) or the second one (B).
For each language task participants heard minimal
pairs containing the vowels predicted to the same L1
category by the Polish speaker according to the rules
of the PAM-L2 model. The task was carried out

separately for the participants’ L2 and L3. The task
was conducted in E-Prime 2.0., collecting accuracy
and Reaction Time (RT) scores for each stimulus,
using semi-open headphones to ensure the proper
quality of the stimulus. The words in each series of
stimuli were presented to the participants with 500ms
intervals, with 1500ms to answer and no orthographic
reinforcement of the stimuli was provided.
3. RESULTS
The results were analysed for accuracy rate and
Reaction Time both across groups for L2 English and
respective L3s as well as within groups for
performance in second and third language. One
L3Ger student had to be excluded as their score
constituted an outlier both in L2 and L3 results.
The scores were analysed using Jamovi statistical
programme. For each participant the average
accuracy was calculated for L2 and L3, and ANOVA
test was run to examine the significance of the group
(L3Ger or L3Fr) and language (L2 or L3) on the
accuracy and RT scores for vowel discrimination.
3.1. Performance in L2 English

The study generated 768 scores for accuracy and RT
each. The outlying scores having been eliminated
based on z-scores, the results showed normal
distribution. Overall, the accuracy of the participants
of both groups was above the chance level at M=64%,
(SD= 12.7) for L3Ger and M=71%, (SD=9.7) for
L3Fr. However, the accuracy scores did not differ
significantly across groups (p=.11), and neither did
the scores in RT with M=676ms for L3Ger; and
M=658ms for L3Fr (p=.60).
Table 2. The overall L2 performance for groups L3Ger and
L3Fr by vowel

Mean

vowel
START
STRUT
TRAP
FLEECE
KIT
LOT
THOUGHT

group
L3Ger
L3Fr
L3Ger
L3Fr
L3Ger
L3Fr
L3Ger
L3Fr
L3Ger
L3Fr
L3Ger
L3Fr
L3Ger
L3Fr

Accuracy (%)
60.3
72.3
50.8
53.8
75.0
86.5
76.5
76.5
69.8
84.9
55.8
48.1
63.5
75.0

featured as the target of the set. It uses keywords
adapted from [13] to present the scores for the success
rate in identifying the correct sound. The most
prominent difference between the groups was
apparent in the ability to identify the KIT vowel, in
which t-test score approached significance at p=.06.
The L3Fr group was consistently better in identifying
the vowels with an exception of LOT. The difference
in average accuracy scores for identifying vowel
length as the determiner for the successful
discrimination was not significant (p=.13).
Table 3. Length as L2 accuracy predictor for both L3 groups.

Mean

length
long
short

group
L3Ger
L3Fr
L3Ger
L3Fr

Acc (%)
66.3
74.4
62.2
67.6

RT (ms)
682
655
669
662

The comparison of the scores according to vowel
length, as presented in Table 3, showed that the two
groups performed similarly in classifying both types
of vowels, and L3Fr made the decision quicker. In the
sets where the target word exhibited the longer vowel
from the presented pair, there is a tendency for the
participants to respond later, however the difference
is more visible in the individual comparison than in
the juxtaposition of overall scores (p=.66).
3.2. Performance in L3

The second aim of the study was to explore the
between-group competence in vowel discrimination
in the newly acquired L3 of the participants. The
assumption was that if the typological similarity aids
the performance, L3Ger group will perform better
due to the phonemic vowel length, a feature supported
by L2 English experience, and absent in the language
of the L3Fr group. The difference in the overall
performance of the two groups was not statistically
significant (p=0.14), but the differences in accuracy
scoring showed a tendency opposite to the
expectations; the group that achieved better results
was the L3Fr (M=71%, SD=5.7) rather than L3Ger
(M=66%, SD=10.7), despite the absence of the vowel
length feature in the French language. This difference
was statistically significant (p=.03).
4. DISCUSSION AND CONCLUSIONS

The performance of the participants is shown in
Table 2, where the items are split by the vowel

3752

The results demonstrated no group differences based
on the facilitative role of typology as far as the
investigated feature of vowel length distinction was
concerned. The accuracy scores for vowel
discriminations did not differ significantly across
L3Fr and L3Ger groups. Therefore, the hypothesis of

a mutual support of typologically similar languages
cannot be confirmed. Contrary to the preliminary
hypothesis, it was the French group that performed
better in the discrimination of both L2 and L3 vowels
It was expected that L3Ger group would perform
better due to typologically motivated positive transfer
(i.e. phonemic vowel length in both languages), but
the results of L2 vowel identification do not support
such a conclusion. The fact that the L3Ger group did
not outperform the L3Fr group in L3 vowel
identification puts a question mark on the theories of
the full transfer at the initial stage. As far as RT scores
are concerned, there were no differences between
stimuli with long and short vowels in the target
position in L2 (p=.94). This contradicts the
expectations, according to which the vowel length
distinction should be easier for the L3Ger group due
to a greater experience with this feature of a vowel.
However, as the results are not conclusive, it is not
possible to conclude that typology plays no role in the
phonological scope of the initial stages of TLA. More
studies need to be conducted to further explore the
subject and shed more light on this aspect of
multilingual acquisition. Perhaps there is more to be
found on the ground of production rather than
perception of the sounds by a multilingual learner.
The results have shown that the answer to both
research questions is not positive: (1) extensive
exposure to L3 with vowel length does not enhance
the performance in L2 vowel length discrimination
and (2) L2 experience does not support the
performance in L3 despite the shared typological
properties. The results showed no definite support for
typological similarity being a predictor of the
performance and did not corroborate predictions
made by typologically-focused TLA models – the
attested transfer did not prove to occur holistically (as
in TPM [12]) nor by property (as in LPM [14]). More
research is needed to form specific conclusions as for
the role of typology in lateral CLI on the ground of
vowel length perception and the mutual support that
could be provided by the languages which are
typologically similar.
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ABSTRACT
A prosodically prominent syllable, namely stress, can
be contrastive or non-contrastive regarding lexical
meanings. Many previous studies predict that learners
with fixed-stress L1s will be “stress deaf” to
languages with contrastive stress. This study tested
the reverse: how speakers of L1 Cantonese (lexical
tone), L2 English (lexical stress) produced L3 Korean
without lexically contrastive stress but phrasal pitch
accent. Both the learners and the natives were
examined in producing Korean trisyllabic non-words
of varying syllable weight, in isolation and in
accentual phrases. Results showed that the learners
made the 2nd syllable more prominent like the natives,
but lacking boundary effects associated with the
accentual phrase. This suggests that learners with
word-level prominence can detect the location of
Korean stress but to a different domain. Syllable
weight effects and the relative use of different
acoustic correlates of stress were discussed in relation
to language transfer and general prosodic
development.
Keywords: stress, Korean Accentual Phrase, L3
acquisition, Cantonese, English
1. INTRODUCTION
In the literature on adult L2 acquisition, many studies
examined the challenges when some new features
absent in the native languages need to be ‘added’.
However, our understanding of the situation where
certain features from native languages should be
‘reduced’ is limited to only a few studies. It is not
necessarily an easy task, for example, English
speakers were found to adopt an overly dynamic pitch
movement for L2 German production [1].
In the current study, we aimed to examine such a
situation through the acquisition of Korean prosodic
prominence by Cantonese-English bilinguals.
Cantonese is a tone language, using pitch levels and
pitch contours to distinguish lexical meanings.
English uses contrastive stress at the word level with
various acoustic attributes: duration, intensity, f0 and
vowel quality [2, 3, 4]. While both Cantonese and
English have word-level prominence which is
unpredictable and contrastive in meanings, Korean
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does not use stress contrastively at the word-level. In
Korean, prosodic prominence is associated with the
accentual phrase (AP) [5, 6], a prosodic unit smaller
than an intonational phrase (IP) but larger than a
phonological word, and it does not affect meanings.
Korean APs have a default pitch pattern LHLH
(HHLH if the AP-initial segment is tense or aspirated)
and if the AP contains less than four syllables, one or
two of the middle tones will be undershot [6]. As for
the phrase-level prominence in Korean, production
and perception studies [5, 7] showed that the 2nd
syllable in APs was usually perceived as prominent
linking to the middle H tone of the LHLH pattern,
though controversy still exists for the location of
Korean prominence. The prominent syllable is
realized with higher f0, increased intensity and longer
duration, but these acoustic patterns will be
influenced by boundary conditions (IP, AP). Also,
prominence assignment was found to be affected by
syllable weight, namely, heavy first syllables (CVC)
tend to attract stress.
Theoretically, the Stress Parameter Model (SPM)
[8] proposes that learners who do not use stress
contrastively in their L1 will experience great
difficulties in learning a language with lexical stress,
due to their “stress deafness”. This study tested the
reverse: whether the learners of L1 Cantonese (lexical
tone) and L2 English (lexical stress) can notice the
Korean non-contrastive stress at the AP level, which
is realized phonetically but not used phonologically.
Importantly, from the perspective of third language
acquisition, the language combination adopted in this
study is interesting because with L1 Cantonese and
L3 Korean typologically closer, it separates
typological distance [9] and L2 status [10] as two
possible factors influencing language transfer at L3
initial state. We try to figure out whether transfer
effects or universal features of non-native prosodic
development can account for the learners’ production
patterns of Korean prosodic prominence.
2. METHOD
2.1. Subjects and materials

5 native speakers of Seoul Korean (4 Females) and 15
native Cantonese university students (14 Females)
who have been learning English as their L2 and

Korean as their L3 participated in the production
experiment. The learners were highly proficient in
English with an age of acquisition around 2-3 years
old. They have taken Korean classes at the university
for 3 terms (120 hours in total) at the time of testing.
Participants produced 3 repetitions of trisyllabic
Korean non-words differing in syllable weight:
/pa.ma.ta/, /pa.ma.taŋ/, /pa.man.ta/, /pa.man.taŋ/,
/pal.ma.ta/, /pal.ma.taŋ/, /pal.man.ta/, /pal.man.taŋ/,
in isolation (IP) and in accentual phrases (AP) ([AP_]
ponɛtɕuseyo, ‘Please send me _.’) respectively. The
materials were presented in hangul, the Korean
written form, and the participants were asked to read
as if the non-words were some unknown objects.

intercepts and all possible slopes were added to the
models as random factors [12].
Data were analysed in 2 steps following [13]: first,
two separate models were run for the learners and the
native group with Syllable position, Weight, Level
and their interactions as fixed effects; the next step
was to run a full model adding all 4 fixed effects, with
the learners mapped on the intercept. This will show
whether the L3 Korean learners behave differently
from the native group. In Tables 1 (duration), 2
(intensity) and 3 (f0), the first four columns display
the outcomes of the analyses for each language group,
and the last two columns show whether the difference
between the learners and the native speakers is
significant in the full model.

2.2. Data analysis
3.1. Duration

For each token, syllable duration (in ms), average
intensity (in dB) and average f0 (in semitone re
100Hz) over the entire syllable were measured using
Praat. Boundary of the 3 syllables in a word were
defined by the acoustic transition between adjacent
segments and for stops, its onset was set at the start of
the stop gap silence. F0 measures used 100-500 Hz
pitch range for female speakers and 75-300 Hz for
males. Using a Praat script ProsodyPro [11], pulse
correction was done for abnormal pitch contours.
Some f0 data need to be discarded mostly due to
severe creakiness towards the end of IPs. Since the 3
syllables were compared within each token in
different conditions, once the acoustic values of any
one syllable is missing, the other 2 syllables should
be excluded from analysis as well. By this criterion, 2
tokens (0.9%) for the native Koreans and 98 tokens
(15%, 90.8% of the excluded tokens are IPs) for the
learners were excluded. Consequently, we only
examined f0 values at the AP level.

As is shown in Figure 1, generally, the learners
produced the 2nd syllable as the longest while native
Korean speakers evenly produced longer 2nd and 3rd
syllables. Syllable weight (Heavy) had a lengthening
effect on all the syllables for both language groups.
Figure 1: Duration of trisyllabic words produced in
IP and AP.

3. RESULTS
Figures 1, 2 and 3 show mean values for each acoustic
variable (duration, intensity and f0) respectively. The
4 panels in the figure were divided by different groups
(learner vs. native) and levels (IP vs. AP), and each
panel shows how the acoustic values change with
syllable weight. Standard error bars and mean values
were added in the figures as well.
To statistically validate the patterns shown in the
figures, linear mixed-effects regression analyses were
performed using the lme4 package in R. In the models
predicting the acoustic values, fixed effects contain
Syllable position (1st, 2nd, 3rd syllable), Weight (light,
heavy syllable), Level (IP, AP) and Group (learner,
native). In the trisyllabic words, the 2nd syllable was
chosen as the intercept, since it was claimed in the
literature to be the prominent one, so as to compare
with the 1st and 3rd syllable. By-subject random
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The differences between the learners and the
natives were revealed through the results of the
mixed-effects analyses in Table 1: (1) the overall
duration of syllable 2 was longer in the learners,
indicating a slower speaking rate; (2) At the IP level,
syllable 3 was shorter than syllable 2 in learners but
not different from syllable 2 in the natives; (3) Level
and Weight affected the learners’ 3rd syllable
differently from the natives, i.e., the learners’ 3rd
syllable was lengthened to be as long as the 2nd
syllable in AP (β = 28.33, SE = 14.99, t = 1.89, p =
0.44), and the learners’ 3rd syllable was lengthened
more by heavy syllables in AP compared with IP. For
the natives, they showed no effect of level and level
× weight, but syllable weight lengthened different
syllables equally.

Table 1: Duration (the intercepts estimated the duration values produced in light syllable 2 at IP level).
L3 learners
B (SE)
t value
(Intercept)
330.12 (12.45)
26.51***
Syllable1
-39.97 (9.54)
-4.19***
Syllable3
-68.13 (14.99)
-4.54***
WeightH
75.8 (6.64)
11.41***
LevelAP
-2.97 (8.79)
-0.34
Syllable1:WeightH
-29.87 (7.51)
-3.98***
Syllable3:WeightH
-23.83 (7.52)
-3.17**
Syllable1:LevelAP
-16.91 (7.51)
-2.25*
Syllable3:LevelAP
39.79 (7.49)
5.31***
WeightH:LevelAP
-12.47 (7.51)
-1.66 .
Syllable1:WeightH:LevelAP
15.15 (10.62)
1.43
Syllable3:WeightH:LevelAP
32.41 (10.62)
3.05**
Significance level: 0 ‘***’ 0.001 ‘**’ 0.01 ‘*’ 0.05 ‘.’ 0.1 ‘ ’ 1

Korean native speakers
B (SE)
t value
265.3 (19.47)
13.62***
-70.92 (9.24)
-7.68***
7.34 (16.95)
0.43
61.85 (7.44)
8.32***
-23.08 (14.25)
-1.62
-9.75 (10.13)
-0.96
-12.13 (10.13)
-1.2
8.35 (10.11)
0.83
-8.91 (10.13)
-0.88
2.37 (10.11)
0.24
-6.82 (14.3)
-0.48
-13.04 (14.31)
-0.91

Learners vs. Korean native
B (SE)
t value
-64.81 (28.08)
-2.31*
-31.14 (17.53)
-1.78 .
75.5 (27.99)
2.70*
-13.98 (12.32)
-1.14
-20.09 (17.29)
-1.16
20.3 (14.3)
1.42
11.64 (14.3)
0.81
25.39 (14.28)
1.78 .
-48.69 (14.29)
-3.41***
15.01 (14.28)
1.05
-22.28 (20.19)
-1.1
-45.51 (20.19)
-2.25*

Table 2: Intensity (the intercepts estimated the intensity values produced in light syllable 2 at IP level).
L3 learners
B (SE)
t value
(Intercept)
65.22 (1.16)
56.01***
Syllable1
-2.86 (0.53)
-5.40***
Syllable3
-10.6 (0.5)
-21.35***
WeightH
0.34 (0.45)
0.76
LevelAP
0.26 (0.25)
1.03
Syllable1:WeightH
0.32 (0.35)
0.89
Syllable3:WeightH
1.17 (0.35)
3.31***
Syllable1:LevelAP
-0.06 (0.35)
-0.16
Syllable3:LevelAP
7.35 (0.35)
20.82***
WeightH:LevelAP
0.02 (0.35)
0.07
Syllable1:WeightH:LevelAP
-0.05 (0.5)
-0.1
Syllable3:WeightH:LevelAP
-0.87 (0.5)
-1.73 .
Significance level: 0 ‘***’ 0.001 ‘**’ 0.01 ‘*’ 0.05 ‘.’ 0.1 ‘ ’ 1

Korean native speakers
B (SE)
t value
70.49 (3.89)
18.15***
-2.22 (1.35)
-1.64
-5.16 (0.95)
-5.42**
-1.19 (0.73)
-1.64
-0.87 (0.5)
-1.73 .
2.31 (0.59)
3.92***
-0.24 (0.59)
-0.4
0.45 (0.59)
0.76
5.67 (0.59)
9.59***
0.02 (0.59)
0.03
-0.39 (0.83)
-0.47
-0.86 (0.83)
-1.03

3.2. Intensity

Combining the results from Figure 2 and Table 2, it
can be found that the learners consistently produced
greater intensity in syllable 2 in both IP and AP (light
syllable 2 and 3 in AP: β = 3.25, SE = 0.50, t =
6.55***), whereas the natives did not employ the
intensity cue for prominence production. At the IP
level, the natives did produce slightly lower intensity
Figure 2: Intensity produced in IP and AP.

Learners vs. Korean native
B (SE)
t value
5.28 (2.65)
2.00 .
0.64 (1.18)
0.54
5.45 (1.01)
5.37***
-1.53 (0.87)
-1.76 .
-1.13 (0.78)
-1.44
2.01 (0.68)
2.94**
-1.41 (0.68)
-2.06*
0.5 (0.68)
0.73
-1.7 (0.68)
-2.50*
-0.04 (0.68)
-0.05
-0.32 (0.96)
-0.33
0.04 (0.96)
0.05

in syllable 3, but this should be caused by the
diminishing effect on intensity in IP-final position
[14]. For the learners, they intensified syllable 3
with heavy syllables and AP level, while this
effect was absent or less strong for the natives.
3.3. F0

Contrary to intensity, when it comes to f0, the native
speakers produced the 3rd syllable in AP with a
markedly higher f0, while the learners used f0 to a
much lesser extent. Considering the effect of syllable
weight, the difference between the learners and the
natives was not large enough to reach statistical
significance.
Figure 3: F0 produced in AP.
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Table 3: F0 in AP (the intercepts estimated the f0 values produced in light syllable 2).

(Intercept)
Syllable1
Syllable3
WeightH
Syllable1:WeightH
Syllable3:WeightH

L3 learners
B (SE)
13.01 (0.96)
-0.53 (0.24)
-0.27 (0.5)
0.47 (0.11)
-0.67 (0.15)
-0.28 (0.15)

Native Korean speakers
B (SE)
t value
9.78 (2.87)
3.41*
0.32 (0.41)
0.77
3.24 (0.37)
8.7***
0.27 (0.19)
1.41
-0.69 (0.22)
-3.09**
-0.02 (0.22)
-0.07

t value
13.58***
-2.18*
-0.54
4.14***
-4.39***
-1.82 .

To summarize the group differences in terms of
duration, intensity and f0 values, the learners’ 2nd
syllable was produced as the most prominent one
(duration and intensity), whereas the natives’ 2nd
and/or 3rd syllables were more prominent (duration
and f0). Noticeably, the learners can be seen as not
using f0 and the natives as not using intensity
comparing with the other group. Additionally, the
learners showed a trend of strengthening the duration
and intensity of the 3rd syllable with AP and with
heavy syllable weight.
4. DISCUSSION
Comparing with the natives, the learners successfully
detected the location of Korean stress and produced
the 2nd syllable as the prominent one consistently
across different conditions. However, the learners
showed no boundary effects associated with IPs or
APs, as can be seen in the natives’ production: preboundary lengthening reflected by the 3rd syllables
produced as long as the 2nd ones, and a rising
boundary tone in APs reflected by the highest f0
values for the 3rd syllables. Besides, the learners
showed a relatively flat pitch contours in producing
the 3 syllables. Since APs in Korean starting with a
lax segment are defined by a LHLH tonal pattern and
featured by a rising boundary tone and pre-boundary
lengthening [15], the L3 learners were not producing
a proper AP. Therefore, they did not produce Korean
stress in the domain of AP. Instead, they might simply
produce a fixed stress at the word level. The failure to
associate Korean prosodic prominence to the AP level
is probably because the learners have not established
the prosodic unit of AP for their L3 Korean. This
situation may change after the learners have formed
the structure of AP in their Korean phonological
system.
Returning to the Stress Parameter Model, our
results, as a supplement to the model, illustrated that
the task of detecting and producing non-contrastive
phonetic prominence is not too difficult, at least for
speakers with experience of using prosodic
prominence contrastively.
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Learners vs. Korean native
B (SE)
t value
-3.23 (2.3)
-1.4
0.84 (0.47)
1.77 .
3.5 (0.88)
3.97***
-0.19 (0.21)
-0.9
-0.02 (0.29)
-0.07
0.26 (0.29)
0.91

The learners’ production patterns will be
explained in terms of L3 transfer as well as the
universal features of non-native acquisition of
prosody.
As for the transfer effects, the learners’ L3 may
probably be influenced by their previous languages in
that the learners consistently used intensity as a cue
for prominence, while this cue was not adopted by the
native Korean speakers. It was likely that the learners
transferred their native correlates for prominence to
L3, e.g., intensity, but it is difficult to tease apart L1
and L2 as possible sources of L3 transfer here.
Surprisingly, no obvious transfer of f0 correlate
can be observed. The L3 learners in this study, whose
native language is a complex tone language, did not
produce AP-boundary tones properly and did not
adopt f0 cue as much as the other cues for the
production of Korean prosodic prominence. This is
consistent with several studies such as [16] indicating
no advantages for Mandarin speakers to learn f0 as a
cue for Korean stop contrast.
The limited use of f0 in L3 Korean may reflect a
universal trend of a “reset phrase” where F0 activity
is extremely constrained, probably because learners
largely attend to grammar and lexicon [17]. In
addition, the learners showed a tendency towards
learning boundary effects (i.e. 3rd syllables
strengthened) in terms of duration and intensity with
heavy syllable weight and with AP, indicating that
acquisition firstly happens in strong positions.
In conclusion, the current study showed that
language speakers with word-level contrastive
prominence can detect and produce the noncontrastive phrase-level prominence in terms of
duration and intensity in a foreign language.
However, it was surprising to find that the experience
with a tone language did not help the learning of f0 as
a cue for non-contrastive prominence. To possibly
confirm the source of L3 initial transfer in the
acquisition of prosodic prominence, further research
will be conducted to examine the learners’ L1 and L2
at the individual level.
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ABSTRACT
This study examined the durational characteristics of
word-initial voicing and place of articulation (PoA)
contrasts in Australian English-speaking adults,
providing the first comprehensive study of this kind.
Voice onset time (VOT) and closure duration (CD)
for /b, d, g, p, t, k/ were measured in word-initial
position of CVC words. The results showed that
voiced stops have a short VOT and a long CD, while
voiceless stops show the opposite pattern. In addition,
the results showed that VOT alone failed to contrast
/t/-/k/, and CD failed to contrast /d/-/g/. This might be
related to the difficulty of maintaining appropriate
aerodynamic
conditions
for
voicing
and
distinguishing alveolars from velars. The results
suggest that there is a trading relationship between
VOT and CD, and that both cues are necessary in
Australian English to contrast for all oral stop
contrasts.
Keywords: VOT, closure duration, voicing, place of
articulation, Australian English.
1. INTRODUCTION
The acoustic parameters used to signal phonological
contrast may vary from one dialect to another. In
English, voice onset time (VOT) can be used to
contrast voiced and voiceless oral stops (e.g., /b/ /p/), with shorter VOT for voiced stops than for
voiceless stops [7, 17]. VOT may also be used to
differentiate places of articulation (PoA; bilabial –
alveolar – velar) [e.g., 17]. Despite consistency in
voicing organisation across English dialects, the use
of VOT to signal PoA is not always consistent [8].
Typically, the VOT of alveolar and velar stops is
longer than that of bilabial stops, and alveolar stops
may not differ from velars in VOT [10, 21], though
this may depend on voicing [3]. For instance, some
studies of American [6, 8, 17], Canadian [25] and
British English [9] report a significantly longer VOT
for velars compared to alveolars, irrespective of
voicing, while other British [10] and Scottish English
[21] studies found no difference for voiceless stops
(i.e., /t/ = /k/). Thus, different English dialects may
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vary in the extent to which VOT can be used as a cue
to PoA.
To our knowledge, only two studies have
previously reported VOT values for Australian
English (AusE) stop consonants in word-initial
position [1, 13] as produced by adults. Voiceless
stops in [13] had longer VOT than voiced stops, /b/
was realized with pre-voicing, and no difference was
found between the VOTs of /t/ and /k/. However,
these results were obtained from only four speakers
(all females) of a variety of AusE spoken in
Katherine, Northern Territory, raising questions
about their generalizability. [1] examined the
production of /Ca/ syllables (/ba-da/; /pa-ta/) by AusE
speakers in New South Wales. Like [13], /b/ was
realized with pre-voicing. However, the study did not
include /g-k/ and the test items were not real words.
In addition to VOT, the preceding closure duration
(CD) of a stop consonant has been suggested as a
potential cue for both voicing and PoA in English [6,
16, 19, 20]. However, most studies have only looked
at CD in word-medial position. In this position,
voiced stops appear to have a shorter CD than
voiceless stops [16, 19]. Counter to the pattern in
word-medial position, two studies suggested that
voiced stops have a longer CD than voiceless stops in
word-initial position [11, 24]. Unfortunately, no
statistical analyses were performed, and only the
production of bilabials was examined in both studies.
Studies which have looked at CD with respect to
PoA contrasts have reported consistent results when
CD is measured in word-medial position [19, 20]. The
CD of alveolar stops in American English is reported
to be shorter than that for both bilabials and velars,
with the CD of bilabials being the longest. However,
no study has yet investigated the production of CD in
regard to PoA contrasts in word-initial position.
Previous research has suggested that voicing and
PoA influence one another and therefore should not
be assessed independently. For instance, [3] showed
that phonological voicing moderates the use of VOT
to contrast for PoA. Thus, the productions of voicing
and PoA contrasts have to be examined in relation to
one another since these two may interact.
The present study therefore systematically
assessed the production of voicing and PoA contrasts

in word-initial stops in AusE-speaking adults, with a
focus on how AusE speakers use VOT and CD to
make phonemic contrasts. We predicted that voicing
would be contrasted using VOT and CD, with shorter
VOT and longer CD for voiced than voiceless stops.
We also predicted that most PoAs would be
contrasted using both VOT and CD.
2. METHODS

familiarize the participants with the procedure. Items
were pseudo-randomized to create five different
blocks. Each participant produced a total of 15 tokens
per stop (3 vowel contexts * 5 blocks) for a total of
90 tokens (6 stops * 3 vowels * 5 blocks) per
participant. The task took about 15 minutes to
complete. Recordings were captured and encoded as
mono WAV files using Audacity with a 44.1 kHz
sampling rate and 16-bit quantization.

2.1. Participants

2.4. Acoustic coding and Analysis

Ten adults (5M, 5F) participated in this study (mean
age: 33 years; range: 21-40 years). Participants were
recruited from the participant recruitment system of
Macquarie University, Sydney. All participants were
born in Australia to Australian-born parents and had
only been exposed to Australian English during
childhood. The study was approved by Macquarie
University’s Human Ethics Panel. Each participant
received course credit for their participation.

Acoustic analysis was conducted in Praat [4] by the
first author. VOT was measured from the first peak of
the release burst to the beginning of vowel
periodicity, as marked by a strong F2. In cases where
participants produced multiple bursts, VOT was
measured from the first peak of the first release burst.
CD was measured from the end of the preceding
segment (i.e., /s/) until the first peak of the release
burst. This measurement allowed us to detect
potential pre-voicing since it is reported that AusE
voiced stops are sometimes realised with lead voicing
[1, 13]. A total of 856 tokens were analysed for VOT
and 866 tokens for CD, after excluding 44 outliers
from the former (5.4%) and 34 outliers from the latter
(4%). Outliers were defined as tokens +/- 2 standard
deviations from the means of VOT and CD.

2.2. Stimuli

The stimuli consisted of 18 high-frequency CVC near
minimal pair words with a mean frequency of 4.5 Zipf
in the Subtlex-UK CBeebies pre-schooler corpus
[23]. All 6 English stops were included in word-initial
position in three different vowel contexts of CVC
words (Table 1). Each noun target word (n = 16) was
embedded in the carrier sentence “See this X”. Verb
target words (n = 2) were embedded in the sentence
“These mice X”. The audio stimuli were produced by
a 25-year-old female native speaker of AusE.
Table 1: List of target words.

/ɪ/
/ɐ/
/ɔ/

/b/
bib
bug
bomb

/d/
dig
duck
dog

/g/
give
gut
god

/p/
pig
puff
pot

/t/
tip
tub
top

/k/
kid
cup
cob

3. RESULTS
3.1. VOT

Mean VOTs for each stop are displayed in Table
2. Figure 1 shows the distribution of VOTs for
each PoA across Voicing categories.
Table 2: Mean VOT in ms (SD) for each stop.
/b/
9
(4)

2.3. Procedure

Testing was conducted in a sound-attenuated room at
Macquarie University. Participants were seated at a
table facing an iPad. A microphone (AKG C535 EB)
was placed 30cm from the participant’s mouth and
was connected by an XLR cable to a computer in a
control room via a pre-amplifier (Sound Devices,
USBPre2). The stimuli were presented to participants
on an iPad Air using Keynote software. Participants
were instructed to touch the picture on the screen to
start the presentation and to advance from one trial to
another. When participants touched the screen, the
sentence associated to the picture was played, and
participants were instructed to repeat after each
sentence. Three practice trials were used to
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/d/
15
(4)

/g/
24
(6)

/p/
63
(15)

/t/
78
(16)

/k/
77
(13)

VOT measurements were analysed with a linear
mixed-effects regression model using the packages
lme4 [2] and lmerTest [14] in R [22]. Fixed factors
were all main effects of and the interaction between
Voicing and PoA. Both fixed factors were coded
using Helmert contrasts with Voiced = 1 and
Voiceless = -1 for Voicing, and PoA-1 (= mean of
bilabials vs. mean of non-bilabials) and PoA-2 (= mean
of alveolars vs. mean of velars) for PoA. By-subject
and by-item random intercepts were added, as well as
random slopes by subject for Voicing and PoA.
Results (as shown in panel a of Table 4) showed a
main effect of Voicing, PoA-1 (i.e., mean of bilabials
vs. mean of non-bilabials) and PoA-2 (i.e., mean of
alveolars vs. mean of velars).

Figure 2: CD distribution for each PoA across
voicing (yellow dot represents the mean).

Figure 1: VOT distribution for each PoA across voicing
(yellow dot represents the mean).

In addition, the model revealed a 2-way
interaction between Voicing and PoA-2. Tukey
(adjusted α-levels) post-hoc comparisons [14] were
conducted and showed that the VOT of voiced stops
was significantly shorter than for voiceless stops
across each PoA, in line with our predictions.
As regards PoA, the VOT of bilabials was
significantly shorter than that of non-bilabials in both
voicing conditions. However, the Voicing * PoA-2
interaction indicates that the mean VOT of alveolars
is shorter than that of the velars in the voiced
condition, but not in the voiceless condition, in line
with our predictions.
3.2. Closure duration
Mean CDs are displayed in Table 3 for each stop.
Figure 2 shows the distribution of CD for each PoA
across the two voicing categories. A linear mixedeffects model similar to the one fitted for VOT in
section 3.1. was fitted on the CD data. Results are
displayed in Table 4 (b). Effects of Voicing, PoA-1
(i.e., mean of bilabials vs. mean of non-bilabials) and
PoA-2 (i.e., mean of alveolars vs. mean of velars)
were observed. Since PoA is a three-level factor, we
ran a post-hoc analysis (Tukey adjusted α-levels) to
determine the significance levels of all pairwise
comparisons. The post-hoc revealed that all pairwise
comparisons were significant except for /d/-/g/.

Table 3: Mean CD in ms (SD) for each stop.
/b/
110
(14)

/d/
85
(17)

/g/
88
(15)

/p/
87
(9)

/t/
58
(10)

/k/
73
(9)

4. DISCUSSION
The present study investigated adults’ production of
voicing and PoA contrasts in AusE by looking at
VOT and CD. Our results showed that both VOT and
CD are used to contrast voicing, with shorter VOT
and longer CD for voiced stops. Our VOT results are
consistent with previous studies of voicing in other
dialects of English [e.g., 6, 8, 10, 21]. The present
results on CD showed that in word-initial position,
voiced stops have a longer CD than voiceless stops.
This is in line with previous predictions on CD
measured in word-initial position and our findings
therefore provide empirical evidence for such
descriptions as postulated in [11, 24]. They also
corroborate similar findings in a study on AusEspeaking children acquiring voicing [5]. Although
CD may have been conflated with a pause (if present)
between the carrier phrase and the target word, the
values we observed (especially for voiceless stops)
are similar to those found in a corpus study by [12]. It
is therefore not likely that our findings were affected
by pauses.

Table 4: Results of the linear mixed-effects models of VOT (panel a) and of CD (panel b).
Effects
(Intercept)
Voicing
PoA-1 (bilabial vs. non-bilabial)
PoA-2 (alveolar vs. velar)
Voicing * PoA-1 (bilabial vs. non-bilabial)
Voicing * PoA-2 (alveolar vs. velar)

Est.
44.60
28.38
-12.76
-4.06
-1.86
4.61

a) VOT
SE
t-value
1.34
33.25*
0.51
55.42*
1.08
-11.81*
1.25
-3.26*
1.08
-1.72*
1.25
3.70*
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Est.
83.26
-10.72
22.60
-10.95
-1.99
-3.89

b) CD
SE
2.44
0.69
1.47
1.69
1.47
1.69

t-value
34.12*
-15.50*
15.34*
-6.48*
-1.35*
-1.70*

Voicing contrasts in AusE exhibited short VOT
and long CD for voiced stops, but long VOT and short
CD for voiceless stops. This suggests a trading
relationship between VOT and CD for the voicing
distinction in word-initial stops. Thus, the discrepancy
between the present study and previous reports might
be related to the difference in sentence position, as
most previous reports on CD were based on stops in
intervocalic post-stress position [e.g., 16, 19].
As regards PoA contrasts in AusE, it is interesting
to note that VOT did not contrast voiceless /t/ from
/k/, stops that both have fairly long periods of
aspiration. Similarly, CD failed to contrast voiced /d/
from /g/, stops with a PoA that involves a short
closure period. This might be related to the difficulty
speakers experience in maintaining appropriate
aerodynamic
conditions
for
voicing
and
distinguishing alveolars from velars at the same time.
However, the present study observed a trading
relationship between CD and VOT, suggesting that
both cues may be needed to distinguish PoA in onset
position. These results provide a much-needed
baseline for further investigation of how children
(including those with hearing loss) acquire voicing
and PoA contrasts, which are known to be a
challenge, and how both children and adults learning
English as a second language master these contrasts
as well.
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ABSTRACT
There are contradictory positions in the literature
about the allophonic variation of the lateral /l/ when
produced in different syllable positions. The validity
of the velarisation gradual hypothesis is supported by
several authors that, having studied different
languages, observed various degrees of /l/
velarisation for particular dialects (with light /l/ and
dark /l/), regardless of syllable position.
In the present paper, analysis of adjustments in
tongue shape and constriction place, and therefore the
degree of /l/ velarisation, have been inferred from
European Portuguese acoustic data, to contribute
novel knowledge on the controversial question about
/l/ velarisation.
The main study’s contributions are that /l/
velarisation occurs in all syllable positions, but it is
possible to define a velarisation continuum of /l/:
There is an increased degree of velarisation from coda
to complex onset syllable positions.
Keywords: Lateral /l/, velarisation, continuum,
European Portuguese
1. INTRODUCTION
The articulatory and acoustic properties of /l/ have
been well studied for many languages [1–7]. In the
last decades, several studies about articulatory and/or
acoustic characteristics present an allophonic
perspective about the production of /l/, assuming the
existence of a binary distinction between clear (or
light) and dark /l/ [1, 8–11]. However, other studies’
results suggest the that there are languages with
different degrees of darkness in /l/ [2, 4, 5, 12–15].
For European Portuguese (EP), it has been argued
that /l/ is categorically associated with a non-velarised
(light or clear) allophone in syllable onset and a
velarised (dark) allophone in coda position [16, 17].
However, this point of view is not consensual and
there are contradictory positions in the literature
about it. The data collected from articulatory and
acoustic EP studies, suggests that /l/ is consistently
dark/velarised even in the onset position and that the
light versus dark syllabic position distinction is hard
to observe and can be influenced by factors such as
speaker, vowel context and word position [12, 18–
21].
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The measures most frequently used to
differentiate these allophones are based on formant
frequency values. It is known that the tongue body
retraction lowers the frequency of the second formant
(F2), that the first formant frequency (F1) is correlated
with tongue height [5], the third formant frequency
(F3) is front-cavity dependent and can be conditioned
by lip rounding [5, 22, 23]. Recasens [4] reported
formant frequency data for /l/ in 23
languages/dialects, including EP. The range of mean
values was 240-550 Hz for F1, 750-2000 Hz for F2
(F2 is higher than 1500 Hz for clear /l/ and has values
around 1000 Hz for dark /l/) and 2300-3000 Hz for F3
(F3 values were not reported for EP).
In agreement with empirical descriptions of EP
lateral /l/, based on acoustic data previously presented
by Andrade [12] , Recasens and Espinosa [5]
concluded that EP belongs to a group of sound
systems where /l/ essentially shows the same dark
realisation in onset and coda position.
In the current study, measurements of F1, F2, F3,
and the slope of F2 transitions were carried out.
Analysis of formant frequencies are sensitive to
modifications in tongue shape and constriction place,
and therefore the degree of /l/ velarisation can be
inferred from the acoustic data. Furthermore, the
slope of the F2 transition provides dynamic
information that also reflects the adjustments in vocal
tract shape during speech sound production [11].
The purpose of this paper is to contribute novel
knowledge on the acoustic properties of /l/ in order to
shed a new light on the controversial question about
/l/ velarisation.
2. METHOD
2.1. Participants

Five adult female and five adult male speakers, whose
ages ranged from 20 to 40 years, were recruited. They
were all monolingual speakers of EP, south variant,
and none had history of speech and/or language
disorders. All speakers were informally assessed by a
speech and language therapist as having normal
speech and normal orofacial structures. They were
also assessed by an audiologist as having normal
hearing. None of the speakers knew the nature of the
study, nor had any prior phonetic training.

2.2. Data collection

The set of real words selected for data collection had
the following characteristics: Trisyllabic words;
paroxytone stress pattern; the lateral consonant
occupied the middle of the word in onset, complex
onset and coda positions; the vowel context varied
between seven oral vowels /i, e, ɛ, u, o, ɔ, a/, (e.g.,
<baliza> ([bɐˈlizɐ])). In complex onset and coda
positions, /l/ was preceded or followed by a stop
consonant, (e.g., <complica> ([kõˈplikɐ]), <cobalto>
([kuˈbaltu])).
The speakers produced 100 utterances (5 random
repetitions of 20 different words). Each word was
produced within the frame sentence <Diga a
palavra… por favor> [ˈdiɡapɐˈlavɾɐ… puɾfɐˈvoɾ].
Speakers were instructed to read the utterances at a
natural rhythm.
Data was recorded at the University of Algarve in
Faro, Portugal, in a sound proof booth, using a DPA
4006-TL microphone located 30cm in front of the
speaker’s lips, connected to an audio interface
(TASCAM US-800) and a desktop computer located
outside the cabin. The acoustic signal was recorded at
16 bits and a sampling frequency of 44100 Hz, using
Audacity 2.0.
2.3. Corpus annotation

The segmentation and annotation of the acoustic
signal was performed using Praat 5.3.40 [24] and
according to criteria proposed by several authors [7,
8, 25–30]. The waveforms and spectrograms of all the
corpus words were manually analysed to detect:
• The start of preceding vowel (onset and coda) or
stop consonant (complex onset) – phone 1;
• The start of transition into /l/ (TL) (decrease in
amplitude and the end of steady state in the
vowel) – transitions tier (beginning of TL
interval);
• The end of transition into /l/ (the start of steady
state in the lateral) – phone 2 (phones and
transitions tiers);
• The start of transition out of /l/ (TS) (increase in
amplitude and the end of steady state in the
lateral) – phones and transitions tiers (beginning
of phone 3 and TS interval);
• The end of transition out of /l/ (the start of steady
state in vowel) – transition tier;
• The end of following vowel (onset or complex
onset) or stop consonant (coda) – phone 3 (phone
tier).
The main cues to identify the lateral /l/ were low
amplitude, identifiable formant structures, spectral
continuity, and a period of steady state formant
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patterns, combined with formant shifting to and from
adjacent speech sounds.
2.4. Data analysis

Formant data was extracted using the following Praat
5.3.40 function: To Formant (burg)... 0.01 5 5500
0.025 50; [Time step(s), Max. number of formants,
Maximum formant (Hz), Window length(s), Preemphasis from (Hz)] – split Levinson algorithm.
Matlab R2007b was used for post-processing the
data initially extracted using Praat 5.3.40, with the
following formant frequency threshold values: 200
Hz < F1 < 900 Hz; 700 Hz < F2 < 2600 Hz; 1600 Hz
< F3 < 3900 Hz; 2800 Hz < F4 < 5000 Hz. These
limits were defined based on the literature [9, 12, 13,
18, 20, 31–33] in order to eliminate eventual outliers
resulting from errors introduced by the automatic
extraction. All productions that were not within limits
were excluded from the analysis.
The following parameters at specific instances and
time intervals were considered for analysis:
• F1, F2 and F3 formant frequencies at the middle
of phone 1 (t1FF), phone 2 (t2FF) and phone 3
(t3FF);
• F2 formant frequencies at the beginning of the
transition into the lateral (t4FF);
• F2 formant frequencies at the end of the
transition into the lateral (t5FF);
• F2 formant frequencies at the beginning of the
transition out of the lateral (t6FF);
• F2 formant frequencies at the end of the
transition out of the lateral (t7FF);
• Absolute values (Hz/ms) of F2 slopes from the
nuclear vowel into (coda) and out (onset and
complex onset) of the laterals: (t5FFt4FF)/dur2 and (t7FF-t6FF)/dur4, respectively.
All data was exported to a SPSS 17.0 (SPSS Inc.,
Chicago, USA) database for statistical analysis,
which included 645 /l/ realisations: 220 in onset; 217
in complex onset; 208 in coda.
A 3-factor Analysis of Variance (ANOVA) was
performed. The factors were vowel context, syllable
position and participants. To further explore the
effects of these factors other analyses of variance
(ANOVAs) were carried out afterwards. Two-way
ANOVAs were used to study the effects of the
independent variable (factor) vowel context ([i, e, ɛ],
[u, o, ɔ] and [a]) on each of the dependent variables
F1 frequency, F2 frequency, F3 frequency and the
slope of the F2 transition. The ANOVAs were
performed separately for each syllable position
(onset, complex onset and coda). The second factor
considered in the analysis relates to the participants
which naturally interfere with the results and must be

accounted for. However, since the natural differences
between the participants is not the focus of the present
study we will not report the corresponding p-values
of the ANOVAs.
The same statistical procedure was applied to
study the effects of independent variable (factor)
syllable position (onset, complex onset and coda) on
each of the dependent variable F1 frequency, F2
frequency, F3 frequency and the slope of the F2
transition. Similarly, the analysis was performed
separately for each vowel context ([i, e, ɛ], [u, o, ɔ]
and [a]).
Post-hoc multi-comparison tests were performed
using Sheffé’s correction. The level of significance
was set at 5%.

0.250]). The Scheffé post-hoc test helped to isolate
the specific sources for these differences and showed
that for complex onset position the lateral’s F2
frequency (see Figure 1) decreases in the contextual
progression: [i, e, ɛ] > [u, o, ɔ] = [a]; no significant
differences were found for onset position.
Figure 1: F2 frequency values for [i, e, ɛ], [u, o, ɔ] and
[a]contexts in all syllable positions.

3. RESULTS
3.1. First formant (F1) frequency values

Three-factor ANOVA results showed a significant
effect for vowel context, syllable position,
participants (p< 0.001) and for all interactions
between factors (p< 0.05).
A two-way ANOVA showed significant effect of
the factor vowel context on F1 frequency values
(onset [F(2; 190)= 22.907; p< 0.001]; complex onset
[F(2; 188)= 9.658; p< 0.001; coda [F(2; 180)=
26.250; p< 0.001]). A post-hoc Scheffé test showed
that F1 frequency values are significantly higher in [a]
vowel context for all syllable positions.
There was a significant effect of the factor syllable
position on F2 frequency values for all vowel contexts
([i, e, ɛ] [F(2; 247)= 11.128; p< 0.001]; [u, o, ɔ] [F(2;
240)= 24.466; p< 0.001]; [a] [F(2; 100)= 52.764]; p<
0.001]). A post-hoc Sheffé test showed that F1
frequency values are significantly higher in coda than
in onset and complex onset positions for [u, o, ɔ] and
[a] contexts. For front vowel contexts, F1 frequency
values are significantly higher in complex onset and
coda positions than in onset position. However, F1
frequency values are higher in coda for all vowel
contexts which reflects a strong pharyngeal coupling
in coda [33].
3.2. Second formant (F2) frequency values

Three-factor ANOVA results indicated a significant
effect for vowel context, participants and vowel
context (p< 0.05), but no significant variation
between syllable positions and other factors
interactions.
Two-way ANOVA results showed a significant
effect of the factor vowel context on F2 frequency
values for onset and complex onset position (onset
[F(2; 190)= 3.103; p=0.047]; complex onset [F(2;
188)= 18.207; p< 0.001]; coda [F(2; 180)= 1.397; p=
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There was a significant effect of the factor syllable
position on F2 frequency values for [i, e, ɛ] and [a]
contexts ([i, e, ɛ] [F(2; 247)= 11.873; p< 0.001]; [u,
o, ɔ] [F(2; 240)= 0.750; p=0.473]; [a] [F(2; 100)=
10.633; p< 0.001]). A post-hoc Scheffé test showed
that for [i, e, ɛ] and [a] contexts the lateral’s F2
decreases in the following syllable position
progression: complex onset > coda = onset.
3.3. Third formant (F3) frequency values

Three-factor ANOVA results indicated a significant
effect for vowel context [F(2; 558)= 28.108; p<
0.001], syllable position [F(2; 558)= 21.949; p<
0.001], participants [F(9; 558)= 75.991; p< 0.001]
and for all interactions between factors (p< 0.001),
except for vowel context and syllable position
interaction [F(4; 558)= 1.695; p= 0.150].
A two-way ANOVA showed a significant effect
of the factor vowel context on F3 frequency values
(onset [F(2; 190)= 12.162; p< 0.001]; complex onset
[F(2; 188)= 7.719; p=0.001]; coda [F(2; 180)=
12.254; p< 0.001]. A post-hoc Scheffé test showed
that F3 frequency values are significantly higher in
back vowel context ([u, o, ɔ]) for all syllable
positions.
There was a significant effect of the factor syllable
position on F3 frequency values for all vowel contexts
([i, e, ɛ] [F(2; 247)= 3.694; p=0.026]; [u, o, ɔ] [F(2;
240)= 9.968; p=0.000]; [a] [F(2; 100)= 9.487; p<
0.001]. A post-hoc Sheffé test revealed that F3

frequency values were significantly higher in coda for
all vowel contexts.
3.4. The slope of the F2 transition

Three-factor ANOVA results showed a significant
effect for vowel context, syllable position, vowel
context and participants and syllable position and
vowel context interactions (p< 0.05) but no
significant differences between participants and
remaining interactions between factors (p> 0.05).
Two-way ANOVA results showed a significant
effect of the factor vowel context on the slope of the
F2 transition (onset [F(2; 190)= 246.035; p< 0.001];
complex onset [F(2; 188)= 93.230; p< 0.001]; coda
[F(2; 180)= 44.968; p< 0.001]). A post-hoc Scheffé
test revealed that the slope of the F2 transition is
higher in front vowel contexts for all syllable
positions.
There was a significant effect of the factor syllable
position on F2 slope values for [i, e, ɛ] and [a] contexts
([i, e, ɛ] [F(2; 247)= 7.298; p=0.001]; [u, o, ɔ] [F(2;
240)= 0.048; p=0.953]; [a] [F(2; 100)= 50.602; p<
0.001]).
The small number of participants could have
influenced some of the null effects. In the future, a
more powerful database could result in positive
findings.
4. DISCUSSION
For F1 frequency values, the results are in agreement
with acoustic data for other languages with dark
realisation of /l/ in all syllable positions [9, 15, 33,
34]. Considering the relationship between F1 and
back cavity volume [22], and a clear link between this
acoustic data and the velarisation degree identified by
several authors [4, 5, 14, 15, 33, 34], our data
suggests the existence of a higher degree of
velarisation in coda position, for all vowel contexts.
In agreement with data reported in previous
studies for EP [12, 18–20], F2 frequency values
(around 1000 Hz) indicate a velarised /l/ in all syllabic
positions, despite a tendency to higher F2 frequency
values in front vowel context.
Second formant frequency results show that /l/ in
complex onset is less resistant to coarticulation
effects than /l/ in onset and coda positions. Previous
studies show vowel coarticulatory resistance for /l/ is
dependent on the degree of velarisation. The dark /l/
offers more coarticulatory resistance than clear /l/ [5,
14, 15]. Thus, according to our results, /l/ in complex
onset, has a lower velarisation degree than other
syllable positions.
The results obtained for F3 frequency values
follow the general trend that rounding lowers all
formant frequencies, especially F3 [23], because
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statistical analysis showed that F3 frequency values
are significantly higher in back rounded vowel
contexts, for all syllable positions. The effect of
vowel context on F3 frequency values may raise
interesting and difficult questions, such as: Is it
possible that there is an articulatory “similarity”
between back vowels and velarised /l/ that
“overrides” the lip rounding effect? or Is lip rounding
responsible for the higher /l/ velarisation degree? To
clarify these issues in the future, it is important to
combine acoustic and articulatory data.
Evidence from earlier studies [4, 5, 7] about dark
versus clear dialects has shown that F3 frequencies
values are higher for dark /l/ than for clear /l/
varieties. From this we can infer that the EP lateral /l/
is more velarised in coda position than in other
syllable positions.
The higher slope of F2 transitions in front vowel
context for all syllable positions is indicative of the
greater articulatory distance between /l/ and front
vowels. The data collected about the slope of the F2
transition and F2 frequency values show that there are
no significant differences between syllable positions
for back vowel contexts. These results reinforce the
view that the velarisation degree is similar for [u, o,
ɔ] contexts, for all syllable positions, possibly as a
consequence of the very short “articulatory distance”
between the lateral /l/ and back rounded vowel
contexts.
5. CONCLUSIONS
The results show that lateral velarisation occurs in all
syllable positions (onset, complex onset and coda).
However, it is possible to observe the following
progression of velarisation degree according to
syllable position: complex onset → onset → coda.
Results show that not only syllable position, but
also vowel contexts play an important role in /l/
production and should be considered when studying
/l/ velarisation. The lateral /l/ in EP is velarised in all
syllable positions, but the “more velarized” /l/ is more
resistant to vowel effects (onset and coda positions)
than the “less velarized” /l/ realisations (complex
onset position).
The velarisation degree is similar for all syllabic
positions (onset, complex onset and coda) when the
vowel context is [u, o, ɔ].
It is therefore important to consider acoustic
measures such as F1, F3 and the slope of the F2
transition to better understand /l/ velarisation.
We are currently considering the following as
future work: More speakers from different dialects;
synchronously acquiring acoustic and articulatory
data for the EP lateral /l/, to clarify and to assist with
the interpretation of the acoustic results.
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ABSTRACT
This study is an acoustic description of the vowels in
Fuzhou Chinese produced by 10 speakers (5 males
and 5 females) in their thirties. The vowels include 8
monophthongs .h x d 1 ` N n t., 14 diphthongs .ht th
dh dt `h `t nt 1x Nx hd h` xn tn t`., and 1 triphthong
.t`h. in open syllable. Compared with existing
studies, this study finds (i) that sometimes .d. is
diphthongized; (ii) that diphthong .xn. may undergo
change to become ZX\; (iii) that diphthong .Nx. seems
to have merged with .t`h. and .1x. in open syllable,
and .dt. also shows a tendency to merge with .ht.;
(iv) that the acoustic realization of diphthong .nt. can
be Zɞt\, ZPt\ and ZNt\ but not Znt\, and diphthong
.hd. is ZhH\. Further studies are required to corroborate
the potential sound changes.
Keywords: Fuzhou Chinese, vowels, acoustic
realization
1. INTRODUCTION
Fuzhou, located in the southeast of China, is the
capital of Fujian province. This study investigates the
Chinese variety spoken in the urban area of Fuzhou.
Fuzhou Chinese is known for its tone-dependent
vowel alternation. For example, .h. always occurs
with tones .44., .51., .32. or .4.1 (Type 1 tones),
while .dh. is always with tones .21., .131., or .13.
(Type 2 tones), such as in a compound ‘ 字 簿 ’
(‘exercise book’) pronounced as .srh53 Atn131.. But
when the word ‘字’ (‘word’) is produced without tone
sandhi (e.g. in isolation), it is pronounced as .srdh131..
Other vowel alternations include .x. - .1x., .t. - .nt.,
.n. - .N., .1x. - .Nx. and so on. The latter (diphthongal
or lower) will become the former (monophthongal or
higher) during tone sandhi.
In Fuzhou Chinese, there are 8 monophthongs .h x
d 1 ` N n t., 14 diphthongs .ht th dh dt `h `t nt 1x
Nx hd h` xn tn t`., and 1 triphthong .t`h. in open
syllable ((C)V syllable) and one more diphthong .Nt.
only in the syllable ended with glottal stop .>. and
nasal .M. ((C)VS and (C)VN syllable). Most
descriptions of the vowels in Fuzhou Chinese is
impressionistic (e.g. [4], [5], [7]) and [6] contains an
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acoustic analysis based on speech samples from
speakers (20 speakers for monophthongs and 10 for
diphthongs and triphthong) in their fifties in 2011. At
present, no published article is found for the vowels
of the younger generation, but some vowel changes
are expected.
This study aims at reinvestigating the vowels in
Fuzhou Chinese of speakers aged 30-39, younger
than those in [6].
2. METHODOLOGY
All test words are (C)V and (C)VS syllables,
frequently used in daily life2. For each diphthong and
triphthong, two syllables associated with two types of
tones are used in order to investigate possible vowel
alternation. But due to space limit, only results of the
vowels in open syllables and .ht th `h `t t`h.
associated with two types of tones are presented. 10
native speakers of Fuzhou Chinese (5 males and 5
females in their thirties) without reported speech and
hearing difficulties participated in the recordings.
They were instructed to read the word list at normal
speech rate for 5 repetitions. The words were
randomized and produced in isolation. Praat [1] was
used to obtain measurements of first three formant
frequencies (F1, F2 and F3) which were sampled at one
point of the steady formant trajectories of the
monophthongs as well as the elements of the
diphthongs and triphthong. Thus, each vowel is
characterized by one set of formant frequency data,
but the F3 values are not presented here. Some
samples are excluded, due to unnatural speech,
mispronunciation, or no reliable measurement
obtained.
3. RESULTS AND DISCUSSION
Vowel ellipses are plotted in Bark-scaled F1/F2 planes
with F1 on the ordinate, F2 on the abscissa and the
origin at the right top corner. Data points are
represented by small IPA symbols. For elements in
diphthongs and triphthong, such as in .ht., the first is
symbolized as .h-t. and the second .h-t.. Ellipses of the
diphthongs and triphthong (in thick lines) are
superimposed on the planes of the monophthongs (in
thin lines).

This may result from different tones or a change in
terms of temporal structure. Tonal effects on
durations are conspicuous in .th `h `t t`h.. For .t`h.,
the duration of .t-`-h. is rather steady but the first and
last elements are lengthened or shortened as the tone
changes, same to the elements in .`h `t..

3.1. Monophthongs
Figure 1: Ellipses of the 8 monophthongs .h x d 1
` N n t. of males and females.
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and triphthong of males (left) and females (right).
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For diphthongs .ht. and .th. (Figure 3-5), generally
there is only slight or no overlap between the
elements and vowels .h. and .t., except female .t-h..
Figure 3: Ellipses of .ht32. (top) and .ht21. (bottom)
of males (left) and females (right).
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Figure 4: Ellipses of .th44. of males (left) and
females (right).
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In [6], .ht. is associated with tones .44. and .131., and
.h-t. accounts for around 20% and 40% respectively.
But this contrast is less noticeable in current study.
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3.2.2. Formant patterns

Most vowel ellipses occupy distinct positions,
except that there are slight overlaps between .n. and
.N. of two groups of speakers as well as .n. and .t. of
females. Generally speaking, four vowel heights can
be identified, namely high .h x t., mid-high .d 1 n.,
mid-low .N. and low .`.. Regarding backness, .h x d
1. are front vowels, .`. is a central vowel and .N n t.
are back vowels. And .1. can also be a central vowel.
Lip rounding contrasts in front vowels but not in the
central vowel and back vowels. Some speakers
produced a diphthongized .d. (in test word 鞋 ‘shoe’
.d51.) as indicated by dashed lines. This may result
from speakers’ attempt to produce the high falling
tone and needs further investigation. According to
their relative positions, they are transcribed as ZDd\
for males and ZdH\ for females, but it does not indicate
a general gender difference.
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As shown in Figure 9-11, when .`h., .`t. and .t`h.
are produced with tone .131., the last elements show
large variation. But when these vowels are produced
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located around vowel .h. and .d. (for .`-h. and .t`-h.)
and .n. (for .`-t.). Also, it can be observed that the
triphthong is usually starts from .n., though it is
transcribed as .t`h..
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Figure 8: Ellipses of .nt. of males (left) and
females (right).
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Although it is transcribed as .nt. in impressionistic
studies (e.g. [4], [5], [7]), the first element (in Figure
8) is centralized and lower than .n.. The acoustic
realization of this diphthong can be Zɞt\, ZPt\ and
ZNt\, but not Znt\.
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Some speakers produced .dt. as Zht\ (Figure 7).
This may imply a tendency to merge these two
diphthongs.
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As shown in Figure 6, male .d-h. is lower than the
vowel .d. without overlap. But for females, many data
points of .d-h. are at the same level of .d. and
centralized.
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Regarding diphthong .xn., many data points of the
two elements are located between vowels .x. and .1.
(Figure 12), a formant pattern inconsistent with the
transcription. But in [6], such great inconsistency is
not found, though we used the same test word (橋
‘bridge’ .jxn51.). Two speakers in this study
produced .xn. as a monophthong ZX\ (Figure 13).
This may indicate a sound change and the emergence
of a new monophthong in Fuzhou Chinese. More
researches are needed to corroborate it.

Figure 12: Ellipses of .xn. of males (left) and
females (right).
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Table 1: A comparison between past and current
pronunciations of .Nx..

Past
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x
d

1000

All participants produced the test word for .Nx. (袋
‘bag’ .sNx131.) as Zst`h131\, which is identical to the
test word for triphthong .t`h.. Based on the
pronunciations of one native speaker, who is in her
forties and not included in the analysis above, a
comparison between past and current pronunciations
is made as presented in Table 1. The differences may
imply that .Nx. has merged with .t`h. and .1x. in
open syllable, and further investigation is required.

Words
塊
(‘a monetary unit’)
對
(‘opposite side’)
代 (‘generation’)
兌 (‘to cash’)
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Figure 14: Formant trajectories of .xn. in .jxn .
of one male (left) and one female (right) aged above
60.

4000

0

ø

500 400
100

200

`

51

5000

y yyyyy
y yyyyyyyyyy
y y y
yy y

F2 (in Hz)
1500
1000

35003000 2500 2000

500 400
100

x
d

The author also recorded speeches from 6 speakers
aged above 60 (their data not included in this study)
and did not found a similar inconsistency. Figure 14
displays two samples of formant trajectory from them.
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Figure 15 presents the vowel ellipses of diphthongs
.1x hd h` tn t`.. It shows that .hd. is generally
realized as ZhH\. And .t-`. has large variation, though
this second element accounts for more than 40% as
shown in the temporal structure. It seems that no
specific target is required for .t-`..
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Figure 13: Formant trajectories and ellipses of .xn.
(realized as ZX\) of one male (left) and one female
(right).
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5. CONCLUSION

Zs1x21\ or
Zst`h21\
Zst`h131\
Zs1x131\

This study provides an acoustic description of the
vowels in Fuzhou Chinese and reveals some potential
sound changes. Further studies are needed for
corroboration.

3771

6. REFERENCES
[1] Boersma, P., Weenink, D. 2017. Praat: doing phonetics
by computer version 6.0.35.
[2] Chao, Y. R. 1930. A system of tone letters. Le Maître
phonétique, 45, 24-27.
[3] Chen, Z. P. 1996. Analysis of Urban and Suburban
Pronunciations of Fuzhou Chinese (福州话城乡异读
字音分析). Journal of Fujian Normal University 1, 8083. (In Chinese.)
[4] Chen, Z. P. 1998. A Study of Fuzhou Chinese (福州方
言 研 究 ). Fujian: Fujian Renmin Chubanshe. (In
Chinese.)
[5] Feng, A. Z. 1993. The Checked Tones in Fuzhou
Chinese (福州方言的入声). Fangyan (Dialect) 2, 101118. (In Chinese.)
[6] Peng, G. G. 2011. A Phonetic Study of Fuzhou Chinese.
Doctoral dissertation. City University of Hong Kong.
[7] Yuan, J. H. 1960. A Survey of Chinese Dialects (汉语
方 言 概 要 ). Beijing: Wenzi Gaige Chubanshe. (In
Chinese.)
_______________________________
1
This study employs the tone letters described in [2],
where the tones are numbered from 1 (lowest) to 5
(highest). And this study uses the values determined in [6]
by acoustic analysis.
2
Since there is no corpus for Fuzhou Chinese, this is based
on the experience of the author (who was born and raised
in Fuzhou).

3772

Fortis-lenis or voiced-voiceless – features of Welsh consonants
Sabine Asmus, Sylwester Jaworski and Michał Baran
University of Leipzig, University of Szczecin; University of Szczecin; University of Szczecin
sabine.asmus@usz.edu.pl, sylwester.jaworski@usz.edu.pl, michal.g.baran@gmail.com
ABSTRACT
The aim of this paper is to challenge the oftenclaimed phonological voiced-voiceless distinction of
Welsh consonants [6]. This concept was recently
challenged by Asmus/Grawunder [5], who revealed
that final /b/ and /d/ are devoiced in monosyllables,
but still distinct from /p/ and /t/, e.g. brat ‘rag’ vs brad
‘treachery’, cip ‘glimpse’ vs cib ‘husk’. Further
indicative are minimal pairs with final /m/ vs /f/, e.g.
trem ‘glance’ vs tref ‘town’ as well as initial /s/ vs /h/,
e.g. sil ‘seed’ vs hil ‘breed’. Applying the fortis-lenis
divide links Welsh phonetics better to Welsh
grammar, which features a fully developed
morpheme-initial consonant mutation system for
morphological, syntactical and semantic marking [5].
In order to confirm our hypothesis, this paper
discusses two potential phonetic correlates of a
phonological fortis-lenis distinction, i.e. articulatory
timing via the holding phase and aspiration of initial
and final stops in Welsh.
Keywords: fortis-lenis distinction of consonants,
aspiration, Welsh, Irish
1. INTRODUCTION
Describing its phoneme inventories should be basic to
any language taught [9], but is essential when
researching its phonology [8]. A lack of a properly
identified and characterised phoneme inventory may
result in identifying erroneous working principles of
a language or its relationship to other tongues [8].
When
describing
consonants,
major
distinctions are based on the identification of their
place of articulation and often the absence or presence
of voicing. Such descriptions are frequently driven by
assumptions of universal language features or in the
search thereof [17], which affects the terminology
used. This becomes obvious when looking at the
descriptions of Welsh consonants [6] [13] [14], which
normally postulate a phonological distinction
between voiced and voiceless consonants. However,
such views seem to hamper the understanding of
complex phenomena of Welsh, like morpheme-initial
consonant mutations (henceforth mICM), whose
basic distinction is the fortis-lenis divide [1].
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In phonetic literature, the voiced-voiceless
and fortis-lenis distinction are often seen
synonymously [5]. Recent research, however, points
to differences between voicing and non-voicing
languages [18]. Consequently, the aim of the research
conducted here is a contribution to this discussion by
(a) suggesting that the voiced-voiceless distinction is
inappropriate for Welsh, (b) proposing the fortis-lenis
divide as phonologically distinctive and fully
language-structuring as well as (c) offering the first
two phonetic correlates of such a fortis-lenis
distinction of Welsh plosives.
2. PROBLEMS RESULTING FROM THE USE
OF THE VOICED/VOICELESS DISTINCTION
FOR WELSH CONSONANTS AND
SOLUTIONS OFFERED BY THE FORTISLENIS DISTINCTION
When describing Welsh consonants along the voicedvoiceless distinction, three problem areas arise. These
are lacking explanations for minimal pairs of the type
depicted above, inconsistencies in the description of
the system of Welsh mICM and misconceptions about
the interplay between vowel and consonant length in
Welsh monosyllables [4].
In languages with a phonological voicedvoiceless distinction, /z/ is the voiced counterpart of
voiceless /s/. In Irish (and reduced also in Welsh [4]),
/s/ forms minimal pairs with /h/. This opposition
cannot be explained by the voiced-voiceless
distinction, because both sounds are considered
voiceless. The same holds true for Welsh /m/ vs /v/
and, indeed, these opponents occur in that opposition
in its mICM system in order to mark grammatical
properties in Welsh. Whereas the change of the fortis
stop /m/ into lenis /v/ may be seen within the frame of
classical lenition [16], i.e. changing a plosive into a
homorganic fricative (complemented by further
diachronic developments, adjusting the place of
articulation), the change of /s/ to /h/ is referred to as
debuccalisation, i.e. a subtype of lenition resulting in
losing the original place of articulation and moving it
to the glottis [1].
Insisting on the voiced-voiceless distinction
detaches phonetic properties of Welsh from basic
phonological processes, which lead to its specific
grammatical system, part of which are the mICM.

Such mutations are here defined as systematic and
grammaticalised changes that affect morphemeinitial phonemes yielding those that are phonetically
different [5]. Considering the fortis-lenis distinction
of Welsh consonants as basic allows to present mICM
as a phenomenon based on predominantly two
phonological processes, i.e. lenition and nasalisation
[1]. Such a view makes Welsh and Irish comparable
when describing their mICM.
In addition, Asmus and Grawunder revealed
that there is a clear correlation between vowel and
coda length in Welsh monosyllables along the fortislenis divide. Contrary to common assumption, it is the
consonant length which determines that of the
preceding vowel, thus identifying Welsh as a
consonant-driven language [5].
To sum up, using the fortis-lenis distinction
for the analysis of Welsh may offer new insights into
working principles of the language and its resulting
structures. It would also show how close Welsh and
Irish are genealogically despite their allocation to pCeltic (Welsh) and q-Celtic (Irish).
3. POTENTIAL PHONETIC CORRELATES OF
THE FORTIS-LENIS DISTINCTION
Various authors have tried to identify factors that are
crucial for the fortis-lenis distinction [10], [11]. Apart
from one- and two-factor approaches, as found for
instance in Malecot [21] and Stetson [22], who
typically refer to glottal aperture and articulatory
timing as identifying features, we assume here that
the fortis-lenis distinction results from a
multidimensional feature combination. Hence, the
difference between the fortis and lenis series of
sounds is seen as a combination of four parameters,
namely: peak glottal aperture/peak intraoral pressure,
articulatory timing, voicing and aspiration. In this
investigation, we look at voicing and aspiration first.
A focus on the onset of voicing seems to be
advocated by the fact that it usually occurs within the
aspiration phase, which is not typical of English.
Based on the research introduced by Asmus and
Grawunder [5], it is expected that voicing, i.e. any
state in which vocal folds vibration occurs [20], does
not seem to be a necessary phonetic correlate of the
fortis-lenis distinction, because we find devoiced /b/
and /d/ with long preceding vowels just as it would be
expected from voiced consonants.
The second feature to be investigated here is
aspiration because it differentiates phonologically
between the Welsh stops /p, t, k/ and /b, d, g/ [7] as
well as /l/ and /ɬ/ [3] and /r/ and /r̥ ʰ/ in mICM [2]. In
addition, the attraction of aspiration by fortis sounds
constitutes an important element of spirantisation in
Welsh, understood as a phonological process during
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which fortis plosives change into homorganic fortis
fricatives potentially attracting secondary aspiration.
As such /p, t, k/ change into /f, θ, x/ [1]. This
secondary aspiration is not observed in the change of
lenis stops into lenis fricatives nor is it seen in Irish
séimhiú of /p, t, k/.
In brief, there are four potential phonetic
features that should be measured in order to identify
correlates that account for the distinction between the
fortis and lenis consonants of Welsh. Articulatory
timing, peak intraoral pressure/peak glottal aperture,
voicing and aspiration offer potentially conclusive
research. To start with, aspiration and voicing are
looked at in this paper by investigating the
aforementioned ratios.
4. METHODOLOGY
The research outlined here began with an acoustic
analysis of the Welsh plosives, i.e. /p, b, t, d, k, g/. 31
native speakers, male and female aged 19-71, from
North and South Wales, who use their language at
home and at work, were interviewed between 2013
and 2018. The analysis was undertaken both in the
onset and coda of monosyllabic native lexemes
currently in use. The lexemes were taken from
previous corpora, but further amended [5]. An
occasional English loan word was used as a control
item. The tokens were then placed in the carrier
phrase Dw i heb ddweud X ond Y! [I didn’t say X but
Y] and were ordered in a way that every lexeme
appears in the recording twice in a strong and twice
in a weak prosodic position. Selected native lexemes
were also recorded in normal sentences. Then, the
target items were analysed with the help of the Praat
software (version 5.3.85). The holding phase duration
(potential voicing) and aspiration were measured for
the consonants under review. With respect to
aspiration, we assume that is a period of friction
extending from the release of a plosive to the onset of
modal voicing (see Fig. 1). In the case of Welsh lenis
plosives, the presence of friction following release is
an indicator of aspiration. It is also assumed that
friction following an initial lenis plosive may be
partially voiced. Therefore, both parameters were
measured in order to establish whether their relative
durations distinguish fortis plosives from their lenis
counterparts. The collected temporal data were
subjected to a statistical analysis by means of a
mixed-design
ANOVA,
which
takes
into
consideration the influence of random effects, which
include speakers and the phonological contexts.

5. FINDINGS/DISCUSSION
The preliminary results of the analyses suggest that
the fortis-lenis dichotomy in Welsh is a function of
the aspiration-voicing combination. In word-initial
position, the lenis plosives /b, d, g/ seem to follow the
pattern found in other languages [20]. In word-final
position, however, where aspiration of lenis plosives
is cross-linguistically uncommon, the same duration
pattern was formed, with /g/ followed by the longest
and /b/ by the shortest period of aspiration (see Table
1 and Table 2). However, periods of aspiration in the
Welsh initial lenis plosives tend to be partially voiced.
A token of this type is presented in Figure 1, which
depicts the spectrogram of the word dŵr ‘water’. The
second half of the 25-millisecond aspiration period is
voiced as indicated by the pulses of vocal fold
activity. In the case of /b/ and /d/, it is not uncommon
for voicing to be present not only throughout the
aspiration, but also during the preceding holding
phase.
V
A

d
ʰ
u:
Figure 1: Partially voiced period of aspiration in the word
dŵr ‘water’.

There is speaker-specific variation regarding
the amount of aspiration. Predictably, the speaker
effect turned out to be significant (p < .0001). It is
worth pointing out that the Welsh lenis plosives have
considerably more aspiration than their counterparts
in non-aspiration languages, e.g. Polish, but also in
English [20]. The difference seems to relate to the
amount of friction noise, which includes intensity
and/or duration, following the release; an aspect that
will be further investigated.
With respect to the final lenis plosives, they
are regularly aspirated to a greater extent than initial
ones. Importantly, the aspiration noise is never
voiced, yet a certain amount of voicing may occur in
the holding phase [cf. 5]. The amount of aspiration
following final /b, d, g/ forms the same pattern as in
initial position.
By comparison, the fortis plosives /p, t, k/ are
characterised by significantly longer periods of
aspiration and relatively shorter periods of voicing in
the holding phase. The data in Table 1 and Table 2
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indicate that this finding refers to both prosodic
positions investigated in this study.
Table 1: Average durations (in ms) of holding phases
(HP), periods of aspiration (A) and periods of voicing of
lenis plosives /b, d, g/ in prosodically weak position.
Weak initial
Weak final
A
V
HP
V
A
b
17.3
9.5
74.6
22.7
47.3
(± 3.1)
(± 2.5) (± 13.7) (± 7.8) (± 18.6)
d
21.8
13.7
83.4
29.4
56.6
(± 4.64) (± 3.1) (± 14.2) (± 6.3) (± 17.1)
g
33.4
17.1
97.3
40.1
66.2
(± 5.1)
(± 4.4) (± 15.6) (± 7.2) (± 17.9)
p
90.3
14.2
157.3
24.6
82.4
(± 16.6) (± 2.2) (± 20.2) (± 5.9) (± 19.4)
t
113.4
16.9
177.8
19.2
96.9
(± 20.7) (± 3.3) (± 26.4) (± 6.8) (± 22.5)
k
138.6
13.8
195.7
17.3
120.1
(± 25.8) (± 3.1) (± 34.4) (± 2.7) (± 28.8)
Table 2: Average durations (in ms) of holding phases
(HP), periods of aspiration (A) and periods of voicing of
lenis plosives /b, d, g/ in prosodically strong position.
Strong initial
Strong final
A
V
HP
V
A
b
19.9
11.3
96.2
21.2
66.8
(± 3.1) (± 2.8 ) (± 28.9) (± 5.3) (± 25.4)
d
22.8
12.1
109.5
20.4
89.6
(± 4.2)
(± 2.5) (± 38.7) (± 4.6) (± 19.7)
g
33.4
13.8
123.3
22.1
95.9
(± 3.7)
(± 3.6) (± 42.2) (± 3.9) (± 22.3)
p
117.6
13.4
208.2
17.4
119.6
(± 24.5) (± 2.6) (± 39.8) (± 3.1) (± 27.7)
t
129.3
12.2
203.6
13.4
124.7
(± 34.6) (± 2.1) (± 46.3) (± 2.4) (± 39.4)
k
148.2
13.5
226.9
16.1
142.6
(± 41.4) (± 1.9) (± 49.5) (± 2.6) (± 40.8)

6. CONCLUSIONS
In this paper, the consideration of the fortis-lenis
distinction instead of the voiced-voiceless divide as
the dominant feature for Welsh consonants is
suggested. This proposal is based on issues such as
the identification of minimal pairs, the explanation of
regular patterns of mICM and the correlation between
the length of coda consonants and preceding vowels
in monosyllables.
Employing the fortis-lenis distinction makes
the phonological system of Welsh very regular. It is
clearly governed by consonants and, in particular,
their fortis-lenis divide which developed into a fully
grammaticalised mICM system.
Ideally, the proposed consonant distinction
should be identified by a set of phonetic correlates in
order to be seen as separate from the voiced-voiceless
distinction. Based on a literature review, four main

phonetic properties seem to be relevant, out of which
two were investigated in this study.
The collected data point to the conclusion
that both voicing and aspiration contribute to
differentiating between fortis and lenis plosives. The
period of aspiration following the lenis plosives is
significantly shorter than that of their fortis
counterparts in both word-initial and word-final
position. The findings also indicate that the two
groups of plosives differ with respect to the amount
of voicing present in the aspiration period in initial
position. Although present in both series, the ratio
between the length of the voiced section and the total
duration of aspiration is significantly higher in the
case of /b, d, g/. A similar relationship can also be
established in word-final position, where the voiced
part of the holding phase of the lenis plosives appears
to be relatively longer than that of fortis /p, t, k/. In
brief, the acoustic investigation of the first two
phonetic features offers promising phonetic evidence
for a potentially phonological fortis-lenis divide as
indicated by grammatical and semantic pattern.
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ABSTRACT
The formant information for identifying place of
articulation in voiced plosives is conventionally
represented using two acoustic attributes, namely
F2onset and F2mid (e.g. [7, 9, 16]). This study compares
the accuracy of such a technique with a new technique
in which F2onset and F2mid are collapsed into a single
attribute, termed F2R. This method involves
subtracting F2onset from F2mid, multiplying this
frequency difference by a constant (c), and
subtracting this product from F2onset, yielding F2R.
Results from a discriminant analysis (leave-one-out
cross-validation) show that F2R can distinguish the
place of articulation of /b d g/ at approximately the
same rate as the conventional method using F2onset
and F2mid.
Given that this result accords well with the 1950s
locus theory [3], it suggests that the locus theory held
an important insight that was neglected in phonetic
science following Öhman’s [15] findings for VCV
sequences.
Keywords: place of articulation, voiced plosives,
formants, locus equations.

F2mid are moderately to highly correlated with each
other, which suggests that some sort of collapsing of
F2onset and F2mid into a single dimension might be
feasible. Such an approach could minimize the
number of features needed in speech recognition, an
issue that has been noted by [14] and discussed
lucidly by [4].
Has such a collapsing of F2onset and F2mid been
proposed before? Indeed it has, and it is known as the
locus theory [3, 8]. This theory posited that if a
formant transition were traced backwards in time to
approximately 50 ms prior to the beginning of the
observed transition, then it would yield a frequency
(F2locus) that is specific to a given place of articulation,
as shown in Figure 1:
Figure 1: Schematic diagram of the locus theory
for a /d/ paired with a range of vowels that vary
in backness. The F2 transitions for all the vowels
begin at the same frequency of 1,800 Hz, at least
if one traces their trajectory to an unobserved
point in time approximately 50 ms prior to the
vowel onset. This point is known as the F2 locus
frequency (F2locus). F2locus is posited to lie at a
different frequency for the three places of
articulation. Source: [3], p. 771.

1. INTRODUCTION
It is well established that the most important formantbased information for distinguishing voiced plosives’
place of articulation lies in the second formant [16].
In particular, the frequencies of the second formant at
vowel onset (F2onset) and midpoint (F2mid) have been
recurrently used as attributes. One commonly used
method of representing this information (e.g. [7, 9,
16]) is the locus equation, in which F2onset is
represented along the vertical axis and F2mid along the
horizontal axis for a variety of vowel contexts (with a
line of regression fitted to the datapoints for each
place of articulation).
The most striking finding of this research is that
the regression lines for /b d/ show excellent fit to the
datapoints [11]; for /g/ good fit is obtained if separate
regression lines are plotted for front-vowel and backvowel contexts [15].
The slopes of the regression lines for each place of
articulation typically range from ca. 0.4 (for /d/) to 0.8
(for /b/) [16, p. 1314]. This indicates that F2onset and
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However, confidence in the F2locus idea was shaken
by Öhman’s [15] investigation of V1CV2 sequences,
which found that coarticulation from V1 changed the
formant transition in V2 such that the transition in no

way pointed to an invariant frequency. For example
the V2 formant transition in [ybo] pointed upward
whereas the one in [obo] pointed slightly downward
(p. 160). This undermined the locus-theory belief that
the transitions for a given place of articulation (in this
example, bilabial) should point to the same frequency
regardless of the vowel.
There are, however, a few observations to note
about Öhman’s study. The study was relatively smallscale (N = 225, all from a single speaker) and
artificial: the study’s author repeated nonce VCV
sequences three times in a monotone with the vowels
stressed equally. Because of this, it remains
something of an open question whether the acoustic
coarticulatory pattern Öhman found is also found in
more naturalistic speech. A recent study by McCarthy
[12] (summarized in [13]), using a much larger
dataset (N = 758) from 20 speakers reading real
speech found that, unlike Öhman’s study, V1 had only
a modest acoustic influence on the F2onset of V2 (the
regression line between V1F2mid and V2F2onset had
shallow slopes, to wit 0.12, 0.10 and 0.14 for /b d g/
respectively). Indeed, Lindblom and Sussman [11, p.
18] have argued that the widespread abandonment of
the locus theory following Öhman’s VCV findings
was unfortunate.
The second point is that the ‘locus’ in the locus
theory does not have to be an exact, invariant,
pinpoint frequency: rather, we can loosen the
definition of the F2locus to encompass a frequency
zone, not a frequency point. Under this conception the
preoccupation with finding an F2locus for each place of
articulation that is perfectly invariant is bypassed in
favour of finding F2locus zones for each place of
articulation that are reasonably distinct from each
other, sufficiently distinct to distinguish place of
articulation at a decent rate. This conception is in the
spirit of Lindblom’s [10] championing of ‘sufficient
discriminability’ in favour of invariance.
With all the above in mind it seems a revival of the
(reframed) locus theory is warranted. The rest of this
paper tests the locus theory by comparing its ability
to distinguish place of articulation with the ability of
F2onset (and F2mid) to distinguish place.
2. METHODOLOGY
2.1. A formula for F2R

We begin by presenting a formula for exploring
F2locus. Figure 1 illustrates the following
generalization about all the /d/’s F2 transitions: the
larger the difference in frequency between F2onset and
F2mid, the larger the difference in frequency between
F2onset and F2locus. This means that if we want to
change F2onset into F2locus using F2mid, the degree to
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which F2onset will have to change will depend on how
large the difference in frequency is between F2onset
and F2mid. In other words, the first part of our
technique is to subtract F2onset from F2mid:
(1) F2difference = F2mid – F2onset
The second part of the technique is to subtract this
F2difference from F2onset:
(2) F2reconstructed = F2onset – F2difference
The output of (2) can be imagined as extrapolating the
F2 transition backwards in time. Remember,
however, that because we do not observe F2locus, there
is nothing to tell us exactly how far back in time we
should go to obtain F2locus. In Figure 1 above, the
amount of time required (i.e. the part labelled “silent
interval”) is 50 ms, but this is a schematic diagram of
artificial stimuli, not an empirical fact. Thus it seems
wise to run a variety of F2locus formulae in which the
degree to which F2difference modifies F2onset is varied by
using a constant. Let us rewrite (2) as follows:
(3) F2reconstructed = F2onset – (F2difference × c)
We shall refer to the family of attributes derived from
(3) as “F2reconstructed”, or “F2R” for short. The value of
c will vary in increments of 0.2 from 0 to 3 to explore
the space thoroughly, yielding 16 variants of F2R.
2.2. Materials and Analysis

Speakers: 10 male and 10 female speakers of
different varieties of British English were recruited.
Their ages ranged from 18 to 38 at the time (2016).
Accents represented included Yorkshire, Mancunian,
Scouse, Geordie, Cockney, RP, and north Wales.
Recording: the material was read in an anechoic
booth using a Roland Edirol R44-4 4-channel
portable recorder, linked to a Roland Edirol CS-50
microphone (settings: ‘lo cut’ and ‘focus’). Sampling
frequency was 44.1 kHz with 16-bit quantization.
Material: 84 sentences were presented one by one
on a screen to be read aloud. The subject matter was
various everyday topics and the sentences were
designed to contain as many plosives as was
reasonable (ca. 14 per sentence). This yielded a
corpus of 7,147 tokens. Some of these tokens were
excluded (e.g. [ʔ] was not examined). Note also that
the present paper is concerned only with the voiced
prevocalic tokens in the corpus (N = 1,535). Vowels:
front = 826, central = 280, back N = 429. Schwa
tokens are not included in the present analysis.
Segmentation: each plosive, along with the
preceding and following segment, was segmented

manually in Praat [2]. Five tiers were used: attribute,
allophone, phoneme, word, and comment.
Measurements: F1, F2, and F3 frequencies were
extracted from the onset and midpoint of the
following segment and the offset and midpoint of the
preceding segment. All data were extracted using a
Praat script created by the second author.
Statistics: discriminant analyses (leave-one-out
cross-validation) [5] were run in which /b d g/ were
the three outcome variables and each variant of the
F2R attribute was the predictor. The statistic
quantifies the percentage of tokens classified
correctly when each token is classified using all the
dataset other than that token.

frequencies for each individual speaker. The
normalization consists of subtracting a speaker’s
mean F3 frequency from each token of F2. The
theoretical reasoning behind this style of
normalization is that, on a logarithmic scale (and the
Bark scale is logarithmic in the F2 and F3 regions),
the only difference in the formant pattern of a given
vowel between two speakers of differing vocal tract
length is in the location of the pattern along the
frequency axis [18, p. 2375] (see [12] for details).
Figure 3: Comparison of the classification
accuracy of F2R when normalized (F2R –
μF3individual) with the unnormalized data from
Figure 2. N = 1,535.

3. RESULTS

Figure 2: Cross-validated classification accuracy
of F2R for distinguishing prevocalic /b d g/. The
green bar shows the classification accuracy of
F2onset; the red bar (‘ons+mid’) shows the
accuracy when F2onset and F2mid are separate
attributes; and the blue bars represent the
variants of F2R, namely c = 0.2 to 3 increasing in
increments of 0.2. N = 1,535.
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2.6
2.8
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We begin with the results when F2R is used without
any speaker normalization.

Unnormalized

Normalized

Unsurprisingly the normalization improves the
classification accuracy, by 2 to 3 percentage points.
More interestingly we again see that the classification
accuracy for normalized F2R at its strongest (for c =
1, 67.3%) is very similar to that of F2onset and F2mid
(68.1%). It seems again, then, that F2onset and F2mid
can be collapsed into a single attribute with little
compromise of classification accuracy.
F3 is the other formant that provides information
on place of articulation [17, pp. 250-251]. Here are
the results when the FR procedure is applied to F3:

65%
60%
55%
50%
onset
0.2
0.4
0.6
0.8
1
1.2
1.4
1.6
1.8
2
2.2
2.4
2.6
2.8
3
ons+mid

45%

The classification accuracy of all variants of F2R
surpasses that of F2onset. This suggests that the 1950s
locus theory held an important insight about formant
transitions: when F2mid is higher in frequency than
F2onset, F2onset is dragged up whereas when F2mid is
lower in frequency than F2onset, F2onset is pulled down,
and the size of this shift is proportional to the size of
the frequency difference between the two.
Perhaps more importantly, the classification
accuracy of F2R at its strongest (for values of c = 1.8)
is as large as that of F2onset and F2mid (65.8% versus
65.3%).i This suggests that the collapsing of these two
attributes into a single dimension can be achieved
without compromising the classification accuracy.
We now quantify how much the above result is
improved by normalizing the above formant
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Figure 4: Comparison of the classification
accuracy of F3R with and without normalization
by individual speaker (F3R – μF3individual). N =
1,535.
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70%

Unnormalized

Normalized

Unlike what we saw for F2, the classification
accuracy of (normalized) F3onset is not increased by
the inclusion of F3mid. Because of this, the
classification of F3R does not exceed that of F3onset.
Segregating the classification of back and nonback vowels improves the classification of F2R
considerably:
Figure 5: Classification accuracy of normalized
F2R before and after separation by vowel
backness. The results for non-back and back
were run separately and summed. N = 1,535.
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Figure 6: Analogy of colour constancy and
F2onset variation. [1]
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intensity. Perceptually, however, A looks dark grey
whereas B looks whitish. This is due to a perceptual
mechanism in the visual system known as colour
constancy [19], which separates out the distortion of
lighting conditions on the colours of objects. Because
of colour constancy, medium grey is perceived as
dark grey if the surrounding context is bright (tile A
in Figure 6) but the very same shade of grey is
perceived as whitish if the surrounding context is dark
(tile B) [1]. Analogously, F2onset is 1,750 Hz in both
the syllables [bɛː] and [doː] but is perceived as
bilabial in one and alveolar in the other. Just as the
perceptual phenomenon of colour constancy makes a
given light intensity darker in bright contexts and
brighter in dark contexts, F2R makes F2onset lower in
frequency in high-frequency contexts and higher in
low-frequency contexts.

Separated

The peak classification accuracy of F2R improves by
6 percentage points with the separation by vowel
backness. Presumably this improvement is a result of
the fact that velars’ F2 transitions have long been
known to point to different locus frequencies before
front vowels and back vowels [3]. Hence separating
by vowel backness presumably prevents the two velar
loci from being mixed together.
4. DISCUSSION
Our main finding is that the reduction of F2onset and
F2mid to a single dimension is possible and produces
an attribute with about the same classification
accuracy as F2onset and F2mid. This accords well with
the 1950s locus theory which, as we saw in the
Introduction, posited [3] that despite the smearing
together of two phonemes’ information in a formant
transition, some semblance of invariance can be
extracted from the transition if the imaginary F2locus
frequency is used as output rather than the observed
F2onset and F2mid frequencies. Nevertheless, we have
cautioned against imagining F2R (or F2locus) as
yielding a pinpoint of a locus that is entirely free from
vowel-induced coarticulation; F2R mitigates
coarticulation, it doesn’t remove it. This eschewing of
absolute invariance is along the lines of Lindblom’s
[10] notion of sufficient discriminability.
One might wonder how plausible it is that
imaginary frequencies be used in speech recognition.
An analogy from vision might help. In Figure 6 the
tiles labelled A and B are physically of identical
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The results of the present study suggest that the locus
theory held an important insight about how to
mitigate the redundancy between F2onset and F2mid.
5. CONCLUSION
Given the moderate to high correlation between
F2onset and F2mid that has long been documented by
locus-equation studies [8, 6, 14] this paper has
collapsed F2onset and F2mid into a single acoustic
attribute (F2R), drawing inspiration from the 1950s
locus theory [3]. It has been shown that such
collapsing of F2onset and F2mid yields an attribute with
approximately as strong a classification accuracy as
F2onset and F2mid. Given the abstract similarity of F2R
to how colour constancy functions in vision, it is not
implausible that an analogous mechanism could be
found in speech perception.
6. ACKNOWLEDGEMENTS
Much of present paper is adapted from the first
author’s PhD thesis [12]. This research was funded by
the United Kingdom’s Economic and Social Research
Council (award reference 1506273).

7. REFERENCES
[1] Adelson, E. H. 1995. Checker-Shadow Illusion.
Retrieved
August
27
2018,
from
http://persci.mit.edu/gallery/checkershadow
[2] Boersma, P., Weenink, D. 2014. Praat: doing
phonetics by computer. Retrieved February 15, 2015,
from http://praat.org.
[3] Delattre, P. C., Liberman, A. M., Cooper, F. S. 1955.
Acoustic loci and transitional cues for consonants.
Journal of the Acoustical Society of America, 27(4),
769–773.
[4] Huckvale, M. 1996. Learning from the experience of
building automatic speech recognition systems. UCL
Working Papers in Speech, Hearing and Language, 9,
1–14.
[5] IBM. 2013. Statistical Package for the Social Sciences.
Armonk, NY: IBM Corporation.
[6] Hasegawa-Johnson, M. A. 1996. Formant and Burst
Spectral Measurements with Quantitative Error
Models for Speech Sound Classification. PhD thesis,
Massachusetts Institute of Technology.
[7] Krull, D. 1987. Second formant locus patterns as a
measure of consonant-vowel coarticulation. Phonetic
Experimental Research at the Institute of Linguistics,
Stockholm University, V, 43–61.
[8] Liberman, A. M. 1996. Speech: A Special Code.
Cambridge, MA: MIT Press.
[9] Lindblom, B. 1963. Spectrographic Study of Vowel
Reduction. Journal of the Acoustical Society of
America, 35(11), 1773–1781.
[10] Lindblom, B. 1990. Explaining phonetic variation: A
sketch of the H&H theory. In Speech Production and
Speech Modelling, pp. 403–439.

i

Hasegawa-Johnson [6, p. 25] notes that studies of /b d g/
have typically yielded classification accuracies of 65% to
70%. The present result is thus well within the normal
range of classification accuracy. The higher accuracy
(77%) found by one study [16] may be due to the highly

[11] Lindblom, B., Sussman, H. M. 2012. Dissecting
coarticulation: How locus equations happen. Journal of
Phonetics, 40(1), 1–19.
[12] McCarthy, D. Forthcoming. The Acoustics of Place of
Articulation in English Plosives. PhD thesis, Newcastle
University.
[13] McCarthy, D. and Al-Tamimi, J. Submitted. The
Acoustic Influence of V1 on the Onset of V2 in
Intervocalic Voiced Plosives. INTERSPEECH 2019
20th Annual Conference of the International Speech
Communication Association, September 15-19, Graz,
Austria, Proceedings.
[14] Morgan, N., Wegmann, S., Cohen, J. 2013. What’s
Wrong With Automatic Speech Recognition (ASR) and
How Can We Fix It? Berkeley, CA: International
Computer Science Institute.
[15] Öhman, S. E. G. 1966. Coarticulation in VCV
utterances: Spectrographic measurements. Journal of
the Acoustical Society of America, 39(1), 151–168.
[16] Sussman, H. M., McCaffrey, H. A., Matthews, S. A.
1991. An investigation of locus equations as a source
of relational invariance for stop place categorization.
Journal of the Acoustical Society of America, 90(3),
1309–1325. https://doi.org/10.1121/1.401923
[17] Sussman, H. M., Fruchter, D., Hilbert, J., Sirosh, J.
1998. Linear correlates in the speech signal: The
orderly output constraint. Behavioral and Brain
Sciences, 21(2), 241–259.
[18] Turner, R. E., Walters, T. C., Monaghan, J. M.,
Patterson, R. D. 2009. A statistical, formant-pattern
model for segregating vowel type and vocal-tract
length in developmental formant data. Journal of the
Acoustical Society of America, 125(4), 2374-2386.
[19] Walsh, V., Kulikowski, J. J. 1998. Perceptual
Constancy: Why Things Look as They Do. Cambridge:
Cambridge University Press.
controlled nature of their stimuli, viz. /CVt/ words
repeated five times in a carrier phrase.

3781

Spectral properties of Estonian palatalization
Anton Malmi
University of Tartu, Institute of Estonian and General Linguistics
anton.malmi@ut.ee

ABSTRACT
This paper studies Estonian palatalization by
describing the spectral centre of gravity (COG) of
palatalized and non-palatalized Standard Estonian
consonants [l t n s].
43 subjects were asked to read carrier sentences
in which palatalization differentiated meaning in
minimal pairs. COG was measured from the
beginning and middle of the consonant.
When compared to non-palatalized [s], the COG
of palatalized fricative was lower in the beginning;
by the midpoint the values were similar. For
palatalized [t] and [n] the COG was lower than in
non-palatalized productions in both of the
measurement points. Palatalized [l] had higher COG
values throughout the consonant. There was a
significant gender and vocalic context effect on the
COG of the palatalized consonant.
Keywords: palatalization, spectral moments,
segmental phonetics, Estonian, consonants
1. INTRODUCTION
The aim of this paper is to study the realization of
Estonian palatalization by describing the spectral
properties of palatalized Standard Estonian [lj tj nj sj]
and non-palatalized [l t n s] consonants.
Palatalization is a process of assimilation that is
triggered by a high vowel or a glide in which a
consonant acquires a secondary place of articulation
on the palatal region of the mouth [1].
Palatalization can be used to differentiate
meaning in Estonian. On the other hand it is in some
cases optional and the degree of palatalization can
vary regionally and idiomatically [2,3]. Estonian has
a rich inventory of words which are differentiated
only by palatalization (palk ’wage’ [pɑlkː] ~ palk
’log’ [pɑljkː], nutt ’cry’ [nutː] ~ nutt ’smarts’ [nutjː]).
This phonemic distinction is not expressed in
orthography and palatalization can only be
recognized from the context.
Some of the minimal pairs might not have a
counterpart in the same grammatical case, but
because of the apocope (loss of [i] from the end of
the word), the palatalization still realizes, although
the vowel that follows is not [i]. For example, kaste
’sauce’ sg. nom. [kɑste] ~ kaste ’boxes’ pl. part.
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[kɑsjːte]. And, because of the apocope, monosyllabic
nominative nouns with an i-stem can be palatalized
at the end of the word even though they are not
followed by [i]. For example, kont ’bone’ sg. nom
[konjtː]: kondi ’bone’ sg. gen. [konjti]. In some
cases, the word can be e-stemmed (sulg ‘feather’
[suljːk]) but still be palatalized. This is thought to be
also because of the apocope [2].
Palatalization in Estonian occurs after a vowel on
the first primary stressed and second unstressed
syllable boundary or after a vowel in a monosyllabic
word [2,4] and is acoustically [5,6] and perceptually
[7] defined by an [i]-like transition, from the
preceding vowel to the palatalized consonant. It has
been said [2,5,7,8] that palatalization only affects the
quality of the first part of the consonant.
Research on the acoustic features of
palatalization in Russian [9–13], Greek [14],
Afrikaans [15], Romanian [16], Connemara Irish
[17] and Estonian [2,4,7,8,18,19] have shown that
the transition to the palatalized consonant has a
higher F2 value and lower F1 value than in nonpalatalizing contexts. The magnitude of the
transition is dependent on the vowel. This F2 rise in
vowels also affects consonants.
Palatalized [l] is described as having a higher F2
value compared to non-palatalized [l] [5,8,18,19].
Compared to non-palatalized [n], the oral cavity for
palatalized [n] is narrower and has lower energy in
the higher frequencies because of the anti-formant
that forms in the nasal cavity [8]. Labial and alveolar
palatalized stops have a higher frequency in the
spectral burst [11,13,14,17]. A study in Octoepec
analyzed the COG values of palatalized and nonpalatalized [s]. There was some intraspeaker
variability, but palatalized [s] tended to have a lower
COG [20]. There is no data on the quality of
Estonian palatalized [t] and [s], only the vowels
preceding them.
Based on previous studies it is hypothesized in
this study that COG should be higher for palatalized
[t n l] because of a higher place of articulation. COG
for palatalized [s] should be lower than nonpalatalized [s]. The study addresses the following
questions:
(1) How does palatalization affect the spectral
features of consonants [l t n s]?
(2) Which part of the consonant is affected?

2. MATERIALS AND METHODS
A reading task experiment was conducted in the
University of Tartu and Tallinn University of
Technology. The participants were 43 native
Estonian speakers (20 male, 23 female; age 20-78,
average 31 years).
The subjects were recorded reading the stimuli in
a soundproof room after they had read those same
stimuli with an articulograph. The sentences were
presented to the subjects on computer screen in
random order using Speech Recorder software [21].
Sound was recorded with AKG 414 and
Audiotechnica ATM33a microphones using Sound
Devices Mixpre 6 or M-Audio Fast Track Pro USB
sound cards.
The stimuli consisted of 60 carrier sentences in
which the palatalization differentiated meaning of
the test words in minimal pairs. Palatalized
consonant was in a mono- or disyllabic word
following the first vowel. The data consisted of 2132
consonant tokens (Table 1). Test words were in the
middle of the utterance following a comma and a
word starting with mi-. For example: Järgmine aasta
tõuseb keskmine palk [pɑlkː], mis on hea uudis
kõigile. ‘The mean wage will rise next year, which
is good news for everyone’; Tee peale kukkus suur
palk [pɑljkː], mis häiris liiklust. ‘A big log fell on
the road which interfered the traffic’.
Table 1: Number of tokens of consonants.

Vowel
[ɑ]
[u]
[y]
[o]
Total

[s]
258
84
342

[t]
258
258
84
600

[l]
516
334
850

[n]
84
172
84
1190

the release burst. As the burst duration is very short,
all productions below 15ms were excluded. In this
case, the overlapping of the measurement points
could not always be avoided. Before the analysis, a
200Hz cepstral smoothing was applied to all of the
consonants. This prevents short spectral peaks and
removes unnecessary outliers [27].
A Generalized Linear Mixed Model (GLMM)
was used for statistical analysis which was
conducted in R [28]. In the model, the dependent
variable was the spectral moment measured from the
beginning and from the middle of the consonant.
The independent variables were the vowel ([ɑ o u
y]), palatalization (“y” for yes or “n” for no) and
gender (“M” for male or “F” for female). The test
subject was used as a random effect. Post-hoc
analysis was done with glht (multcomp package in
R).
3. RESULTS
3.1. COG of [s]
The results showed (Fig. 1) that palatalized [s] had
lower COG values in the beginning of the fricative
for both genders.
Figure 1: Centre of gravity of the palatalized and nonpalatalized [s] of female and male speakers. Dashed
line represents palatalized, solid line non-palatalized
productions.

Total
1116
848
84
84
2132

The recordings were automatically segmented using
ASR based force alignment software created in the
Tallinn University of Technology [22]. The
segmentation was manually checked for errors and
corrected if needed.
COG was used to measure the quality of
consonants, because based on previous research [23–
26] it has been proven to be a good characteristic in
describing the quality of the fricatives and plosives.
It will also be used to describe the quality of [n] and
[l] in this study.
For [l n s] COG was measured from a 40ms
window from the beginning and middle of the
consonant. To avoid overlapping of the
measurement points, all productions below 80ms
were excluded. For [t], COG was measured from a
10ms window from the beginning and the middle of
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For females, COG in the beginning of palatalized [s]
in the context of [ɑ] was 603Hz lower (p<.001) and
695Hz lower in the context of [u] (p<.001). By the
midpoint of [s], the differences leveled out.
Palatalized [s] in the context of [ɑ] was 49Hz
(p<.005) higher than non-palatalized counterpart.
Although palatalized [s] in the context of [u] was
26Hz higher, this rise was not statistically significant
(p<.9).

For male speakers the palatalized fricative in the
context of [ɑ] was 574Hz lower (p<.001) and with
[u] 262Hz lower (p<.001) than non-palatalized [s].
By the middle of the fricative, [s] in the context of
palatalized [ɑ] was 122Hz higher (p<.001) than nonpalatalized [s]. In the context of [u] palatalized [s]
was 57Hz higher but again, this rise was not
statistically significant (p<.13).
3.2. COG of [t]

3.3. COG of [l]
The results for [l] showed (Fig. 3) that when
compared to non-palatalized lateral the COG values
for female speakers were higher with palatalized
lateral.
Figure 3: Centre of gravity of the palatalized and nonpalatalized [l] of female and male speakers. Dashed
line represents palatalized, solid line non-palatalized
productions.

The results showed (Fig. 2) that for female speakers
when compared to non-palatalized productions, the
COG values for palatalized [t] in the context of [u]
were 622Hz higher (p<.001) and in the context of
[y] 399Hz higher (p<.001). In the context of the
vowel [ɑ], palatalized [t] was 466Hz lower (p<.001)
than non-palatalized [t].
Figure 2: Centre of gravity of the palatalized and nonpalatalized [t] of female and male speakers. Dashed
line represents palatalized, solid line non-palatalized
productions.

In the midpoint of [t] the COG for palatalized
plosive in the context of [u] was 264Hz higher than
non-palatalized [t] (p<.001). In the context of [y] the
COG values were the same for both contrasts.
Palatalized [t] in the context of [ɑ] was 613Hz lower
than non-palatalized [t] (p<.001).
For male speakers the COG values in the
beginning of the burst of palatalized [t] were lower
compared to non-palatalized [t]. In the context of [ɑ]
the palatalized [t] was 108Hz (p<.001), in the
context of [u] 151Hz (p<.001) and in the context of
[y] 651Hz (p<.001) lower. In the midpoint of [t] in
the context of [ɑ], palatalized [t] was 257Hz lower
(p<.001) and in the context of [u] 534Hz lower
(p<.001) than non-palatalized counterpart. In the
context of [y] the COG value of palatalized [t] rose
and was 834Hz higher (p<.001).
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COG values of the palatalized [l] in the context of
[ɑ] were 20Hz higher than in non-palatalized
context, but this difference was not statistically
significant (p<.94). In the context of [u] the values
were 126Hz higher (p<.001). In the midpoint of [l]
in context of [ɑ] the palatalized and non-palatalized
[l] had similar values and the difference was not
significant (p<.001). Palatalized [l] in the context of
[u] was 95Hz higher (p<.001) than non-palatalized
counterpart.
For male speakers the COG values were higher in
the palatalized contexts in both measurement points
of [l]. In the context of [ɑ] the COG of palatalized [l]
was 21Hz higher (p<.001) and in the context of [u]
102Hz higher (p<.001) when compared to nonpalatalized counterpart. In the midpoint, palatalized
[l] in the context of [ɑ] was 28Hz higher (p<.001)
and in the context of [u] 102Hz higher (p<.001).
3.4. COG of [n]
The results for the nasal [n] showed (Fig. 4) that the
COG values for female speakers were lower for
palatalized productions. In the context of [ɑ] 52Hz
(p<.01), [o] 34Hz (p<.01) and in the context of [u]
15Hz lower, but this difference was statistically not
significant (p<.13). In the midpoint of palatalized
and non-palatalized [n] in the context of [u] the
values were similar and the difference between them

was not statistically significant (p=.809). In the
context of [ɑ] the palatalized [n] was 26Hz lower
(p<.01) and in the context of [o] 40Hz lower (p<.01)
than non-palatalized [n].
Figure 4: Centre of gravity of the palatalized and nonpalatalized [n] of female and male speakers. Dashed
line represents palatalized, solid line non-palatalized
productions.

palatalized context. In the midpoint of [t] the effects
stayed the same, only female [y] had similar values
as non-palatalized [t].
As predicted, [l] showed a regular rise in the
COG for palatalization in the beginning of the
consonant. With the exception of [ɑ] measured from
the midpoint of palatalized [l] for females, all the
COG values were higher. As the most sonorous
palatalized consonant, the place of articulation of [l]
has been shown to be more anterior with higher F2
values of the preceding vowel [31,32].
Contrary to the prediction COG values for
palatalized [n] were lower in the beginning of the
test word for males and females alike. As the
articulation of palatalized [n] raises the tongue body
and reducing the volume of oral cavity, a lot of the
energy gets absorbed into the nasal cavity resulting
in lower COG values for palatalized [n] [33]. In the
middle of the nasal, the COG values for female
palatalized [n] in the context of [u] were similar to
non-palatalized [n].
5. CONCLUSIONS

For male speakers, in the context of [ɑ] the values of
palatalized [n] were 67Hz lower (p<.01), in the
context of [o] 80Hz lower (p<.01), in the context of
[u] 79Hz lower (p<.01). When measured from the
midpoint, palatalized [n] in the context of [ɑ] was
33Hz lower (p<.01), in the context of [o] 24Hz
lower (p<.01) and in the context of [u] 41Hz lower
(p<.01).

The spectral properties of palatalization in Estonian
consonants were observed in this paper. The results
showed that palatalization had a tendency to lower
the COG values of [s t n] and raise the values of [l].
With the exception of [s], palatalization affected
the quality of the consonants in the beginning and
also middle of the consonant. There was a
significant gender and vocalic context effect on the
COG of the palatalized consonant.

4. DISCUSSION

6. ACKNOWLEDGMENTS

It was hypothesized that when compared to nonpalatalized contexts, COG should be higher for
palatalized [t n l] and lower for palatalized [s].
As predicted, COG for palatalized [s] was lower
than for non-palatalized [s]. According to
palatographic studies in Estonian [29,30] the tongue
is relatively flat with non-palatalized [s], the air can
flow freely over the tongue. Palatalized [s] has a
higher place of articulation with a bigger lateral
contact. With this tongue configuration the air flows
through a narrow passage over the middle of the
tongue which lowers the mean energy of the
spectrum. This only occurred in the beginning of [s].
Contrary to the prediction, the pronunciation of
palatalized [t] generally showed that COG was
lowered. It decreased in the context of back vowels
[ɑ] and [u] and increased in the context of [y]. The
pronunciation of palatalized [t] in the context of [u]
varied with gender. For females the COG was
higher, for male speakers it was lower than in non-
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ABSTRACT
Languages use a variety of means to realise
informational structure categories like topicalisation
and focus. The interaction between prosody and focus
realisation strategies was examined in Nafsan, a
Southern Oceanic language of Vanuatu, in a series of
tasks that were designed to explore prosodic
realisation of informational and contrastive focus on
nouns that were subjects or objects in mini-dialogues
where word-order was manipulated. All speakers
produced utterance-initial or utterance-final focal
elements with a major pitch movement associated
with the focused noun (subject or object). Focused
nouns were also realised with a wider pitch and often
realised in their own prosodic phrase compared to the
same item in non-focal contexts. There was also
significant syllable lengthening at the right edge of infocus words. In utterance-initial contexts, post-focal
material in Nafsan was almost always produced in a
relatively compressed pitch range and there was
evidence of de-phrasing of non-focal nouns
regardless of utterance position, suggesting prosodic
phrasing patterns similar to other languages with
edge-marking prominence.
Keywords: Nafsan, focus, accentual prominence,
intonation
1. INTRODUCTION
In the last ten years or more, there has been an
expansion of prosodic analyses of less well-studied
languages (e.g. [13, 5, 4]). Compared to wellresourced European and Asian languages, only a
handful of investigations have examined the
interaction between prosody and information
structure in Oceanic languages, with some notable
exceptions (e.g. [3] for Samoan). It is generally
accepted that tonal variation in languages like English
is influenced by a combination of information
structure and pragmatics. However, the phonological
intonational devices that languages use to contrast
narrow or contrastive versus broad focus are known
to vary. These might include combinations of the
following: manipulations of phrase-level pitch range
(incorporating pitch level and pitch span after [8]),
intonational and prosodic phrasing, and intonational
prominence, including the use of different types of
pitch accents for contrastive emphasis. Languages
can also de-accent material (reducing the number of
pitch accents in a phrase) and/or de-phrase non-focal
material (reducing the number of intonational
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constituents) to promote a particular kind of discourse
interpretation (after [5]).
Languages can use syntactic means to realise
informational structure categories like topicalisation
and contrastive focus. These devices include left
dislocation of the constituent under focus, which has
been noted in some Oceanic languages (e.g. in
Vera’a, [12], and Nafsan, [14]). It has also been
suggested that in such cases, intonation plays a lesser
role in the realisation of semantic focus (compared to
west-Germanic languages) with patterns of prosodic
variation primarily the result of positional factors. In
other words, if a language promotes left dislocation
as a topicalisation or contrastive focus-marking
strategy, the resulting prosodic patterns are because
the item under focus is in initial position in a
discourse segment. By contrast, others have
suggested that so-called free word order languages
also employ intonational devices (e.g. [17]), implying
that there is a deliberate prosodic strategy to place a
constituent in focus. Recent explorations of the
complex interplay between prosody, pragmatics, and
syntax in Samoan suggest prosodically-driven
syntactic fronting is an important feature of
information structure realisation in this language
([3]).
In this paper, we examined the intonational
features of subject and object focus realisation in
Nafsan, a Southern Oceanic language spoken by
around 6,000 people on the island of Efate in
Vanuatu. Nafsan has previously been analysed as a
stress language although this is still under
investigation (e.g. [1]). Many Oceanic languages
have been impressionistically described as having
penultimate main stress [9]. There has been relatively
little quantitative investigation of lexical and postlexical prosody in the languages of Vanuatu. Results
of an initial analysis of accentual prominence in
Nafsan suggest that final syllables rather than
penultimate syllables exhibit higher F0 values in
disyllables [1]. Earlier impressionistic analyses of
intonation patterns suggest that the prosodic typology
of Nafsan may be edge-marking, akin to Korean or
French, rather than head-marking, like English or
Dutch (see summary in [5]) but this remains to be
fully investigated. The purpose of the current study
was to extend this analysis to see what kinds of
prosodic strategies, including intonational phrasing
and prominence-lending tonal movements, are
associated with the realisation of different focus
constructions in Nafsan.

focus contexts x 2 tasks with different utterance
conditions, plus occasional repetitions.

2. METHOD
2.1. Participants

The participants in this study were five male
speakers, aged 18-48, from Erakor village in
Vanuatu. All participants identify Nafsan as their first
language. In addition, all speak Bislama, a lingua
franca in Vanuatu, and have different levels of
knowledge of English and French.
2.2. Materials and procedures

A series of tasks were designed to explore prosodic
realisation of informational and contrastive focus on
subject or object nouns in mini-dialogues where
word-order was manipulated. Two of these tasks
formed the corpus for this paper. 30 target nouns
ranging from one to four syllables and comprising
various phonotactic structures were embedded in
three different frames, forming the dialogue format
for each task: an opening declarative statement to be
produced
by
Participant
A,
for
which
INFORMATIONAL FOCUS was anticipated for the target
noun (A1), a negated statement to be produced by
Participant B, for which the target noun was expected
to be NON-FOCAL (B1), and a final declarative
statement, also produced by Participant B, for which
CONTRASTIVE focus was anticipated for the
(different) target noun (B2). In a), each noun
functions as a SUBJECT and occurs in INITIAL position
in both the A1 and B2 utterances, and in b), each
noun functions as an OBJECT and occurs in FINAL
position in the A1 and B2 utterances.
a) A1: SUBJ. INIT. menaal imur nafnag
barracuda wants food
B1: SUBJ. MED. itiik, menaal ita mur nafnag mau
no, barracuda doesn't want food
B2: SUBJ. INIT. rakum imur nafnag
crab wants food
b) A1: OBJ. FIN. natam̃ool ipuetsok menaal
the person is holding barracuda
B1: OBJ. MED. itiik, natam̃ool ita puetsok menaal mau
no, the person isn't holding barracuda
B2: OBJ. FIN. natam̃ool ipuetsok rakum
the person is holding crab

Participants were recorded in pairs in a sheltered area
during fieldwork in Erakor, with stimuli presented in
Nafsan orthography on slides, and arranged so that
each noun would be produced by each speaker in each
focus context (for each task). Data were recorded at
an archival sampling rate of 96kHz and 24-bit depth,
using a Zoom H6 audio recorder and a Countryman
H6 headset microphone with a hypercardioid polar
pattern, and downsampled to 44.1kHz 16-bit for
analysis. The final dataset for these analyses
contained 1012 utterances: 5 speakers x 30 nouns x 3
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2.3. Data processing and analysis

Utterances were orthographically transcribed in Praat
[2] and converted to SAMPA. Automatic
segmentation of the speech signal was performed
using the language-independent model of the Munich
Automatic Segmentation System [6]. Segment
boundaries were checked and corrected where
necessary with reference to wideband spectrograms
and corresponding waveforms. A hierarchical
database was constructed using the EMU Speech
Database Management System [16], including tiers
for the utterance, prosodic words, syllables, phonemic
segments, and intonational tone targets. If a syllable
carried a major pitch movement at the right edge of
the word, it was labelled S (strong). All other
syllables in the token were labelled W (weak).
All target nouns were annotated using a
preliminary Autosegmental-Metrical transcription
system where peaks and elbows in the F0 contour are
labelled as H (high) or L(low) [8]. In the SUBJECT
INITIAL condition, low, rising, or high pitch
movements across tokens were annotated as either
%L, %LH or %HH, with the % symbol indicating an
intonational phrase-initial L or H tone. In the OBJECT
FINAL condition, the word initial tones were
annotated as either %L, L, H, or %H and word final
tones were annotated as HL% or HH% depending on
whether the phrase-final tune was falling or rising. If
there was no word-final pitch movement, only the
word-initial tone was annotated.
An example of an intonationally-annotated
utterance produced in the SUBJECT INITIAL condition
and INFORMATIONAL FOCUS context is shown in Fig.
1. Tonal patterns were extracted for each target noun
and F0 Hz values were extracted for tone targets using
the emuR package in R [16, 11], and then converted
to semitones using a formula with a base frequency of
50 Hz after [10]. Syllable duration was also extracted
for S and W syllables (based on previous analyses of
Nafsan that suggest final syllables are prosodically
prominent [1]) and z-normalised to minimise interspeaker variation. All extracted pitch values
associated with H tone targets were included in a
maximally-specified mixed effects model with the
fixed factor FOCUS (A1: INFORMATIONAL FOCUS; B1:
NON-FOCAL; B2: CONTRASTIVE FOCUS),
with
random slopes and intercepts for ITEM, SPEAKER
using lmertest and step in R [7]. Syllable duration was
also tested with the additional fixed factor
PROMINENCE. A logistic regression analysis was also
performed to see whether there was a significant
effect of FOCUS on tonal pattern distribution
associated with the target nouns across the utterance
conditions: SUBJECT INITIAL, and OBJECT FINAL.

Figure 1: Example of a tonally annotated SUBJECT INITIAL
utterance in the CONTRASTIVE focus context for the
sentence nanan imur nafnag “the goat wants food”.

Table 1. Distribution of tonal patterns in 3 focus contexts
a 2 utterance conditions: SUBJECT INITIAL, OBJECT FINAL.
SUBJECT
INITIAL

Context
INF. FOCUS
NON-FOCAL

CONTRASTIVE
OBJECT
FINAL

INF. FOCUS
NON-FOCAL

3. RESULTS
3.1. Tonal distribution

CONTRASTIVE

Table 1 summarises the distribution of tonal patterns
across INFORMATIONAL FOCUS, NON-FOCAL, and
CONTRASTIVE subjects and objects in the two
utterance conditions – SUBJECT INITIAL, OBJECT
FINAL - examined in this paper. In the SUBJECT
INITIAL condition, there was a significant effect of
focus condition on the distribution of tone patterns
p<0.0001).
CONTRASTIVE
and
(𝜒2=35
INFORMATIONAL FOCUS tokens were realised
primarily with a left edge low tone (%L) and final
high tone (H) regardless of word-length. In other
words, the rising movement was delayed across the
full word in cases of longer tokens with the H realised
on the final syllable. However, the LH movement was
fully realised across monosyllabic tokens. A number
of tokens were also realised with a %HH pattern. In
most cases, the right-edge tone was also phrase-final,
with clear pitch range re-set on following material.
NON-FOCAL words were occasionally realised with
the same kind of rising tonal movement but in many
cases there was no final H tone at the right edge and
no evidence of an intonational boundary.
In the OBJECT FINAL condition, there was also
a significant effect of FOCUS on distribution of tonal
patterns (𝜒2=12.8 p<0.01). Many INFORMATIONAL
FOCUS and CONTRASTIVE focused tokens were
realised with either a %LHL%, LHL% or HL%
pattern, with the initial L tone realised on the initial
syllable and final falling tune (HL%) realised on the
final syllable of longer words. Monosyllabic tokens
were usually realised with a HL% pattern, with an
optional left edge L tone. A number of object tokens
were also realised in intonational phrase-initial
position due to the presence of a pause and a full
intonational phrase boundary before the token.
However, NON-FOCAL words were often realised with
a single left edge H or L tone with the utterance-final
negative particle mau attracting the intonational
phrase-final HL% pitch movement. In other words,
there was no evidence of a final H tone at the right
edge of NON-FOCAL tokens, the site of putative
accentual prominence in Nafsan.
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Tonal Pattern
%HH
%LH
%LH
%L
%H
%HH
%LH
(%L)HH%
(%L)HL%
L
LH
H
(%L)HL%
(%L)HH%

Number
20
148
85
48
25
22
137
22
120
82
24
9
91
36

3.2. F0 scaling & duration: initial subjects/final objects

Fig. 2 plots the pitch level of H tones (semitones)
associated with the final syllable of each token in
SUBJECT INITIAL position for the three focal contexts,
INFORMATIONAL and CONTRASTIVE FOCUS, and
NON-FOCAL, for the five speakers. For SUBJECT
INITIAL tokens, there was a significant effect of
FOCUS on pitch level, with CONTRASTIVE and
INFORMATIONAL FOCUS H tones scaled consistently
higher than H tones associated with the right or left
edge of NON-FOCAL tokens (F=17.208, p<0.001).
The pitch span of the LH movement in
INFORMATIONAL FOCUS and CONTRASTIVE focus
tokens was also somewhat greater in magnitude
compared to NON-FOCAL tokens.
Figure 2. Tone scaling – SUBJECT INITIAL tokens

For three of the five speakers (GK, RW, and HA),
H tones were actually scaled slightly higher in
INFORMATIONAL FOCUS compared to CONTRASTIVE
focused tokens, suggesting that the first mention of a
subject noun in the dialogue attracted a higher tone
target. For the remaining speakers, post-hoc tests
revealed
minimal
differences
between

and CONTRASTIVE focused
tokens, but for all speakers, there was a significant
difference between INFORMATIONAL FOCUS and
NON-FOCAL H tones (t=7.441 p<0.0001) and
CONTRASTIVE and NON-FOCAL H tones (t=4.702 p
<0.0001). However, as shown in Fig. 1, there was
clearly also a high level of pitch compression of postfocal material in the CONTRASTIVE focus condition
which was also observed in INFORMATIONAL FOCUS
contexts.
In the OBJECT FINAL condition shown in Fig. 3, H
tone targets associated with the INFORMATIONAL
FOCUS context were scaled higher than NON-FOCAL
tokens (t=8.57, p<0.0001) and CONTRASTIVE focus
tokens (t=11.054, p<0.0001). Tokens in the
CONTRASTIVE context were actually scaled lower
than NON-FOCAL tokens for one speaker (HA), and
there was no significant difference between
CONTRASTIVE and NON-FOCAL contexts for a second
speaker (RW). However, many tokens in the
CONTRASTIVE context were realised in separate
intonational constituents from preceding material,
which was not the case for NON-FOCAL tokens.
INFORMATIONAL FOCUS

Figure 3. Tone scaling – OBJECT FINAL tokens

Figure 4. Duration patterns – SUBJECT INITIAL tokens
Initial subjects - Nafsan
contrastive

focal

nonfocal

5.0

dur - normalised

2.5

syll
W
S

0.0

-2.5
W

S

W

S

W

S

Prominence

There were significant main effects of FOCUS
(F=5.18, p<0.05) and PROMINENCE (S or W)
(F=71.89, p<0.0001) on syllable duration in SUBJECT
INITIAL and OBJECT FINAL tokens (see Fig. 4 for
SUBJECT INITIAL tokens). Word-final (S) syllables that
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were associated with H tone targets in SUBJECT
and CONTRASTIVE
focus contexts tended to be significantly longer than
non-final (W) syllables in the same word (t= 8.86,
p<0.0001;t=7.66, p<0.0001). They were also longer
compared to final syllables in NON-FOCAL tokens
(t=5.84, p<0.0001). In the OBJECT FINAL context,
final (S) syllables were significantly longer in
CONTRASTIVE tokens compared to the final (S)
syllable in NON-FOCAL tokens (t=5.38 p<0.001).
Non-final (W) syllables were shorter than final
INFORMATIONAL
FOCUS
and
syllables
in
CONTRASTIVE focus contexts (t=17.94, p<0.0001,
t=18.29), p<0.0001, with smaller lengthening effects
observed in NON-FOCAL words (t=8.49; p<0.0001).
Final syllables in focussed words were also likely to
be subject to pre-boundary lengthening given that
these tokens were in utterance final position by
contrast with NON-FOCAL tokens.
INITIAL INFORMATIONAL FOCUS

4. DISCUSSION
In this study, the tonal and duration patterns of
SUBJECT INITIAL and OBJECT FINAL nouns in different
focus contexts were examined in Nafsan.
CONTRASTIVE and INFORMATIONAL FOCUS tokens
are realised with significantly higher F0 targets than
NON-FOCAL tokens, although there is a high level of
gradience. The consistent alignment of the right edge
H tone with the final syllable of words in focus
confirms findings from a previous study of accentual
prominence [1] in Nafsan, where a higher F0 value
was observed in word-final syllables. In NON-FOCAL
contexts, a number of SUBJECT INITIAL tokens did not
have a right edge tone, suggesting a prosodic pattern
akin to prosodic de-phrasing with the final H tone
realised on the following verb.
In the OBJECT FINAL condition, INFORMATIONAL
FOCUS tokens were realised with a strong HL falling
tonal pattern on the final syllable with the H tone
scaled consistently higher than tokens in
CONTRASTIVE FOCUS tokens. In NON-FOCAL objects,
there was a clear loss of a final H tone also suggesting
a pattern of de-phrasing in this context, with the final
negative particle attracting the phrase-final
prominence. Durational patterns of subject and
object tokens also confirmed consistent lengthening
of final versus non-final syllables in words that were
in INFORMATIONAL and CONTRASTIVE FOCUS with
smaller effects evident in NON-FOCAL contexts.
Results for SUBJECT INITIAL tokens, at least, suggest
that phrasing as well as pitch span are important
strategies used in focus marking in Nafsan. These
results also confirm our earlier impressions that
Nafsan has a phrasal edge-marking prosodic typology
[5], and that accentual prominence may be phrasal, as
for Vanuatu languages such as Dakaaka [15] and a
range of Austronesian languages [e.g. 4].
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in our data set, while L% was the most common
boundary tone.

ABSTRACT
This study describes the intonation of three types of
Malagasy sentences as a first step toward an analysis
of the intonational phonology of Malagasy. We
studied the intonation of three Malagasy speakers
using the Autosegmental-Metrical model, in
particular with respect to surface syntactic
constituents. Participants read Malagasy sentences
with various structures including broad-focus
declaratives, syntactically-focussed subjects, and whquestions. Results indicate that both the subject and
predicate bear pitch accents. Declaratives (both with
and without syntactic focus) most commonly have an
L+H* pitch accent on both constituents and an L%
boundary tone. Wh- questions have an L+H* pitch
accent on the wh- word and a L+¡H* pitch accent on
the following clause. Both L% and H% boundary
tones were observed in wh- questions. These results
provide a clearer insight into the intonation of
Malagasy.
Keywords:
intonation,
Austronesian.

prosody,

Malagasy,

1. INTRODUCTION
This study takes the initial steps toward a description
of the intonation of Malagasy, an Austronesian VOS
language native to Madagascar. In particular, we
investigate the syntactic constituents that bear tone in
declarative sentences and wh- questions, as well as
the pitch accents and boundary tones that appear in
these constructions. Many languages, including
Malagasy, have very little information on their
intonation. Thus, the purpose of this study is to
expand the body of literature on the phonetics of
Malagasy. This paper explores intonation in
Malagasy by answering the following questions:
(1)
How does the surface syntax of
Malagasy define intonation in broad-focus
declaratives, declaratives with syntactic focus,
and wh- questions?
(2)
Which pitch accents and boundary
tones occur in these constructions?
Our results indicate that a pitch accent falls on the
right edge of the predicate and subject in most
sentences. L+H* was the most common pitch accent
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2. BACKGROUND
2.1. Malagasy Syntax

This paper describes the intonation of three types of
Malagasy sentences: broad-focus declaratives,
syntactically-focussed declaratives, and whquestions. Malagasy is a VOS language [8], derived
from movement of the predicate to the sentenceinitial position [12]. Subjects can, however, appear
before the predicate in focussed constructions, where
the subject is placed at the beginning of the sentence
and the particle no appears before the predicate.
These fronted subjects behave like predicates, and the
no-clause acts as the subject [11]. Wh- questions are
formed in the same way, with the fronted wh- word
in the predicate position and the particle no delimiting
the subject [14].
2.2. The Autosegmental-Metrical Model

The analysis presented in this paper was performed
under the Autosegmental-Metrical (AM) model of
intonation [9] [13]. The model uses relative high (H)
and low (L) points in the fundamental frequency (F0)
of stressed syllables to describe the intonation of an
utterance. Tones on stressed syllables, called pitch
accents, are marked with an asterisk (*); utterancefinal tones, called boundary tones, are marked with a
percent sign (%). Tones are not necessarily
monotonal: they often appear as bitonal, and
hypothetically could contain any number of tones.
Tonal peaks and valleys that are relatively higher than
preceding tones may be described as upstepped
(marked with ¡), while those that are relatively lower
than preceding tones may be described as
downstepped (marked with !).
2.3. Malagasy Prosody

2.3.1 Stress
Generally, stress falls on the penultimate syllable in
Malagasy words [10]. However, there are several
notable exceptions. Single syllable words and
loanwords, among others, may have stress on the final

syllable. Additionally, many words that end in [ka],
[t͡ra] and [na] have antepenultimate stress.
2.3.2 Intonation
While there is some previous work on the intonation
of Malagasy, the present study aims to clarify certain
contradictions in the literature. One early description
of Malagasy prosody describe Malagasy sentences as
having two tones: one on the predicate and one on the
subject [3]. In declaratives, the final tone is lower than
the first, while in interrogatives the final tone is
higher. Raoniarisoa’s [15] dissertation affirms these
findings, but also claims that adverbs can form an
intonation group of their own. Barjam [1] takes an
Autosegmental-Metrical approach to Malagasy
intonation in his analysis of declarative sentences,
both simple and complex. Barjam also suggests that
intonational peaks occur on the subject and the
predicate; in declaratives, there is an L+H* pitch
accent on the right edge of the predicate and on the
subject. Barjam also confirm’s Dahl’s assertion that
the last pitch accent is lower than the preceding.
Barjam adds that declaratives have an L% boundary
tone. He also points out instances of tonal crowding
that arise when pitch accents occur within two
unstressed syllables of each other; in this case, the
second tone is realised as H*. Additionally, he
observes that when the sentence ends with a stressed
syllable, the boundary tone (L%) may surface as H%.
Finally, Frascarelli [4] also applies the AM model
to Malagasy intonation. Interestingly, her results
contradict Barjam’s in some ways: in broad-focus
declaratives, she identifies an L*+H pitch accent, in
contrast to the L+H* accent that Barjam observed.
Additionally, she only identifies a pitch accent on
“the constituent preceding the [subject]”, which in
Barjam’s analysis is the predicate, but she makes no
mention of a pitch accent on the subject. Another of
Frascarelli’s findings is that syntactically-focussed
NPs behave intonationally as if they are predicates in
that there is a pitch accent at the right edge of the
constituent; however, she observes an H* pitch accent
in these constructions. Frascarelli also looks briefly at
wh- questions and claims an H* pitch accent but
makes no reference to the boundary tones of focussed
NPs nor wh- questions.
3. METHODOLOGY
3.1. Participants

were between the ages of 50 and 60 at the time of
elicitation. All participants completed a language-use
questionnaire that determined that all were bilingual,
with good or excellent competency in Malagasy and
French. Additionally, two participants had good to
excellent English skills.
3.2. Data collection

Data were collected using a reading task in which the
participants read sentences in Malagasy comprising
various syntactic structures; in particular, this paper
focuses on the intonation of seven sentences that vary
in their predicate and noun phrases. Each sentence
contained a unique syntactic feature: verbs with one,
two, or three arguments, wh- questions, syntacticallyfocussed noun phrases, and adverb phrases.
3.3. Analysis

Each utterance was analysed acoustically using Praat
[2]. Intonation was visible in the fundamental
frequency (F0) and pitch accents and boundary tones
were annotated using the Autosegmental-Metrical
framework. A second reader with knowledge of the
AM model and understudied languages verified a
portion of these annotations. Each tone-bearing word
was coded for the participant, the constituent in which
it was found, the position of the tone in the word.
There are a number of difficulties that arise when
trying to describe the intonation of an understudied
language. Hualde [5] details how many languages
have a developed Tones and Break Indices (ToBI)
system of notation for specific languages. However,
Hualde and Prieto [6] outline some of the problems
with existing ToBI systems, namely that these
systems are specific to the languages for which they
are designed. As Malagasy does not have an existing
ToBI system, we will have to use a phonetic
transcription that can be understood unambiguously
for readers with no previous knowledge of Malagasy
phonology. For this reason, we will be using the basic
pitch accents and boundary tones in Tables 1 and 2,
based on Jun and Fletcher [7].
Table 1: Pitch accent notation used in this paper

Pitch accent
H*
L+H*
L+¡H*

The present study involves data from three native
speakers of Malagasy who were born in Madagascar
and currently live in Montreal, Canada. Two of the
participants were female and one was male. They

3793

Description
Peak in the stressed syllable
Peak in the stressed syllable
preceded by a valley
Upstepped peak in the stressed
syllable preceded by a valley

Table 2: Boundary tone notation used in this paper

Boundary tone
L%
H%

Figure 1: Production of the declarative Nojerena ny
ranomasina, ‘The sea is watched’.

Description
Final descent
Final rise

This notation is intended to act as a preliminary
step in the analysis of Malagasy intonation, and will
be used to describe the basic tonal contours that can
be observed until a full analysis of Malagasy
intonational phonology is completed.
4. RESULTS
4.1. General Intonation Patterns in Malagasy

Most Malagasy sentences that we observed contain
two pitch accents, on the predicate and the subject.
After the initial pitch accent, the pitch sometimes fell
sharply; an example is shown in Figure 1. This may
mark some sort of prosodic phrase boundary, but we
will refrain from annotating it as such until more data
is collected. Pitch accents are typically realised on the
rightmost stressed syllable of the relevant constituent;
however, in many cases, the peak of the pitch accent
is delayed, being realised on the following syllable.
These patterns were observed in examples from all
sentence types (declarative, wh-, and focussed
sentences). Across sentence types, the rising pitch
accent L+H* dominates the data at 84% (n=32), while
L+¡H* occurs in 13% (n=4) of instances. H* was
realised just once, representing 3% of tokens.
Regarding boundary tones, 62% (n=13) of utterances
contained the L% boundary tone and 33% (n=7)
contained H%. One utterance did not contain a
phonetically realised boundary tone.
4.2. Declaratives

In both broad-focus declaratives and declaratives
with syntactic focus, the predicate is realised with a
L+H* pitch accent on its rightmost stressed syllable.
In most cases, the peak of this pitch accent is realised
on the following syllable, after which the pitch drops.
Based on the data collected, this appears to be true for
predicates regardless of the number of arguments that
the verb has or whether or not the predicate contains
an adverb phrase. In one instance, no pitch accent was
realised on the predicate. Similar to predicates, most
subjects also bear a L+H* pitch accent, though its
peak is less frequently delayed. Additionally, all three
participants neglected to produce a pitch accent on the
subject ianao ‘you’ in Nomena vary ianao ‘You are
given rice’. Figure 1 shows an example utterance that
is realised with L+H* on both the predicate and the
subject.
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Most declaratives (73%, n=11) analysed were
realised with a L% boundary tone. However, the H%
boundary tone does appear with some frequency
(20%, n=3). In sum, Malagasy declaratives, including
those with syntactic focus, appear to have a L+H*
pitch accent on the right edge of the predicate and the
subject, alongside a L% boundary tone, though there
is some variation.
4.3 Wh- Questions

Wh- questions follow similar intonational patterns to
declaratives; however, there are some key
differences. The wh- word is generally marked with a
L+H* pitch accent (83%, n=5), whose peak may be
realised in the following syllable. However, we
observe a different pitch accent on the no-clause
(which behaves syntactically like a subject) compared
to declarative subjects: in wh- questions, the pitch
accent on the no-clause is an upstepped rising L+¡H*.
The boundary tone of wh- questions was H% in 63%
(n=5) of utterances and L% in 38% (n=3). Notably,
H% appeared in all questions whose tone-bearing
word is vary ‘rice,’ a word with penultimate stress but
whose final vowel is devoiced. It is possible that since
the pitch accent is realised on the last voiced vowel of
the utterance, there is no space for the L% boundary
tone to be realised, though more examples with other
phonetically-similar words is needed to further
explore this possibility. Figure 2 shows a whquestion with the L+¡H* L% pitch configuration. To
summarise, in wh- questions, the wh- word was most
frequently observed with a L+H* pitch accent while

the no-clause was marked with L+¡H*. Furthermore,
both L% and H% boundary tones were observed.
Figure 2: Production of the wh- question Taiza
nijeren’ilay zazavavy ny ranomasina, ‘Where did the
girl watch the sea?’

While this paper has refrained from making any
broad claims about the intonational phonology of
Malagasy, there are several patterns that may direct
future research in this area. Regarding pitch accents,
there were several instances of pitch accent peaks
being realised outside of the stressed syllable.
Additionally, no participant produced a pitch accent
on the pronoun ianao ‘you’. It is possible that this is
because ianao is a pronoun, because the word is
oxytonic, or another reason; this is a question that
must be answered with future research. With respect
to boundary tones, wh- questions variably contained
a L% or H% boundary tone. We observed that H%
most commonly appeared when the preceding pitch
accent was realised on the last voiced vowel of the
utterance; it is possible that this holds true for
declaratives as well, though a larger data set is needed
to explore this possibility.
6. CONCLUSION

5. DISCUSSION
The purpose of the present study is to document the
intonation of Malagasy and to clarify some
contrasting claims in the literature. In particular, the
goal is to determine the pitch accents and boundary
tones found in Malagasy declaratives and whquestions and the syntactic constituents that trigger
their appearance. The findings of this study largely
refute those produced by Frascarelli [4]. She suggests
an L*+H pitch accent on the right edge of the
predicate and none on the subject in broad-focus
declaratives; our data, alternatively, point to a L+H*
pitch accent with a delayed peak on both constituents.
The findings of this study are, however, mostly in
line with those found by Barjam [1]: we both find a
L+H* pitch accent at the right edge of both the
predicate and the subject in broad-focus declaratives,
and that declaratives generally have a L% boundary
tone. One key difference between our analyses is that
Barjam [1] describes tonal crowding, which occurs
when the two pitch accents are separated by less than
two unstressed syllables, in which case the second
L+H* rise is realised as a plateaued H* pitch accent.
While we did not observe it, it is possible that a larger
data set will reveal tonal crowding. Future work on
Malagasy intonation should include more instances of
closely-positioned pitch accents to test for tonal
crowding.
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In this study, we took the initial steps in
understanding the full intonational phonology of
Malagasy. The main findings of the study are that the
predicate and the subject are each marked with a pitch
accent on the stressed syllable at the furthest right
edge of the constituent. Additionally, we found that
both the predicate and the subject most often have a
rising L+H* pitch accent in declarative sentences, but
the no-clause has L+¡H* pitch accent in whquestions. An L% boundary tone was most common
across sentences, but wh- questions were more
commonly realised with H%.
This study provides an important contribution to
many fields, including Malagasy phonetics and
intonation more broadly. To date, it is the most
comprehensive look at intonation in Malagasy under
the Autosegmental-Metrical model, incorporating
various syntactic structures and three participants.
However, a considerable amount more work must be
done in this field. First, future studies should attempt
to use monolingual speakers of Malagasy, or at the
least speakers who live in Madagascar. Additionally,
the intonation of other syntactic structures must be
studied, such as yes/no questions, complex noun
phrases, and embedded clauses. Finally, some
participants described large differences in the
intonation of the numerous dialects of Malagasy. A
complete survey of the dialects’ different intonation
patterns would certainly be valuable in describing the
language. While this project is ongoing and will
produce more results in the future, the present paper
has outlined some general observations of the
intonation of Malagasy, including the location and
realisations of pitch accents and boundary tones in
various declaratives and wh- questions.
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ABSTRACT
This study reports on prominence marking in Kazan
Tatar, a Turkic language spoken in Russia, in the
framework of Autosegmental-Metrical phonology.
The data are narrow and broad focus declaratives
collected from eight native Tatar speakers.
Analysis of broad focus declaratives confirmed
the intonation model proposed earlier, i.e., stressed
syllables (which is word-final) of sentence-medial
words are marked by rising pitch accents, [L+H*] or
[H*], while verbs are optionally marked with a high
tone, [Hi], on their initial syllable. In narrow focus,
focused words were produced with [L+H*], [Hi], or
[Hi L+H*], with expanded pitch range. This
suggests that the [Hi], which is not a pitch accent,
marks prominence at the left edge of a word/phrase,
similar to French initial accent. Words before and
after the focused word were often deaccented or
realized with a compressed pitch range.
Furthermore, an IP-final [L%] truncation was
observed when a sentence final verb was focused,
ending with [L+H*] on the verb’s final syllable. But,
the [L%] was fully realized when the IP-final
syllable is extra-lengthened, creating a LHL contour.
Keywords: intonation, Turkic, Tatar, prominence,
focus, Autosegmental-Metrical, initial accent

Intermediate Phrase (ip). However, Tatar was
suggested to differ from Turkish in the way pitch
accents are realized in an IP. In Turkish, the f0 peaks
of H* pitch accents do not show downtrend
throughout the phrase, produced in broad focus.
Instead, the f0 peak of the pre-nuclear accent
immediately before the nuclear accent is higher than
that of the preceding pre-nuclear accent.
Furthermore, the f0 peak of the nuclear accent,
which is typically on the pre-verbal argument, is
substantially lower (!H*) than that of the preceding
accent. This distinction was maintained when a word
received a nuclear accent by being narrowly
focused. But, in Tatar, the f0 peaks of L+H* pitch
accents show downtrend throughout the phrase,
produced in broad focus. It is not clear if there is any
phonetic or phonological difference between the
nuclear accent and pre-nuclear accents. Since earlier
work on Tatar intonation was only based on broad
focus declarative utterances, this leaves open the
question of how prominence is marked in narrow
focus utterances and if it differs from prominence
marking in broad focus utterances. Below, we are
introducing the model of Tatar intonational
phonology proposed in [13], which is adopted in the
present study. The model is based on declarative
utterances produced in broad focus.
1.1. Tatar Intonational Model

1. INTRODUCTION
Tatar is a Turkic language spoken by approximately
5 million speakers in Tatarstan, Russia. It shares
many similarities with other Turkic languages, such
as SOV word order and a rich, agglutinative
morphology. Additionally, Comrie [2] notes that like
other Turkic languages, stress in Tatar typically falls
on the last syllable of a morphological word, with
some exceptions (e.g., loan words from Russian,
question words).
Previous work on Tatar intonation [12, 13],
analyzed in the framework of AutosegmentalMetrical (AM) Phonology [10, 1, 8], suggests that
some of the characteristics of Tatar's intonation are
similar to those of Turkish [7, 3, 4]. In both
languages, a prominent word is typically marked by
a pitch accent, realized on the stressed syllable of the
word, and there are two prosodic units above the
word, i.e., the Intonational Phrase (IP) and the
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As mentioned above, in declarative, broad focus
utterances in Tatar, the stressed syllable of a
prominent word receives a pitch accent and there are
two prosodic units larger than a word that are
marked by intonation: the IP and the ip. Figure 1
shows a tree diagram illustrating the prosodic
hierarchy of Tatar and its tonal affiliations in the
model. The head (i.e., stressed syllable) of a
prominent word is typically marked with a [L+H*]
post-lexical pitch accent but may also carry a [H*]
or a [L*] depending on its context.
Tatar has another tonal marking which is
optionally realized within the first two (though more
often on the first) syllables of a word. This optional
tone is called the [Hi], indicating that it is a high
tone that appears on the ‘initial’ syllable of a word.
This tone is not categorized as a pitch accent
because it surfaces on an unstressed, non-final
syllable of a word. However, since the [Hi] syllable
is slightly louder than adjacent syllables, this tone

was proposed to be a prominence-marking tone. This
is similar to the optional Hi tone in French
intonation proposed in [6] or the word-initial tone
traditionally known as ‘initial stress’ [9, 11] or
‘emphatic accent’ [11].
[13] reports that the location of the [Hi] tone
was limited. It occurred after the last pitch accented
word in the same ip (i.e., on the initial syllable of an
ip-final word), or ip-initially where no pitch accent
is present (i.e., on the initial syllable of the ip-initial
word). This means Hi can be the only tone of a word
or an ip, making the Hi-toned word moderately
prominent. In both cases, the right edge of an ip is
marked by a L boundary tone (i.e., L-; or L% when
the ip is IP-final).

broad and narrow focus sentences from all 6
speakers were examined and analyzed in Praat.
In addition to the data collected in Tatarstan,
data from two female native speakers of Tatar living
in Los Angeles were also collected. While some of
the utterances were of the same SOV form as the
Tatarstan data, the Los Angeles data varied in the
number of words in a sentence because of the
addition of nominal modifiers in some cases or
greater syntactic complexity in others. A total of 147
sentences were examined for both speakers.
3. RESULTS
3.1. Pitch accenting and prominence marking

Broad focus declarative utterances from the two
datasets exhibited similar accenting and boundary
marking patterns as those reported in [3]. The
[L+H*] was the most common pitch accent,
followed by the [H*], for subjects and objects. The
verb was optionally marked with an [Hi] on its first
(or second, if applicable) syllable, but was rarely
pitch accented. Figure 2 shows an example pitch
track illustrating the verb without any prominence
tone, while Figure 3 shows an example pitch track
where the initial syllable of the verb receives an Hi
tone, followed by a L% boundary tone on the verbfinal syllable.

Figure 1: Prosodic hierarchy and tonal affiliations for
Tatar, proposed in [3]

2. PRESENT STUDY
The purpose of the present study is to examine how
prominence is marked in narrow focus declarative
utterances in Tatar. Furthermore, of interest is the
nature of the [Hi] in prominence marking. As it is
reported to serve a prominence marking function, it
seems possible that a higher prevalence of [Hi]s
would be encountered in the marking of narrowly
focused words.
2.1. Methodology

Data were collected from six native Tatar speakers
(3 females) living in Tatarstan, Russia. In addition to
eliciting sentences with narrow focus (by using the
wh-question/answer format or the yes/no-question
format to trigger corrective focus), the broad focus
versions of the same utterances were also elicited
prior to the narrow focus version so that they could
serve as comparisons. All of these utterances
contained only 3 words, in the order of SOV (the
subject, the object, and the verb). Utterances varied
in whether the subject, object, or verb was narrowly
focused. Each focused word also varied in length
from 1 to 4 syllables. Pitch tracks of a total of 203
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Figure 2: Broad focus declarative sentence showing
L+H* pitch accent on the subject and the object, but
no Hi or pitch accent on the verb.

Figure 3: Broad focus declarative sentence, showing
L+H* on the subject and the object, and a Hi tone on
the verb.

As for the narrow focus utterances, a wider
diversity was found in marking prominence. When a
word was narrowly focused, one of the three options
was used. The first option was to carry a [L+H*]
pitch accent on the stressed syllable of the focused
word, with expanded pitch range. This means that

even the verb, when focused, carried this type of
pitch accent to mark its prominence. The second
option was to carry an [Hi] tone on the initial
syllable of the word, with expanded pitch range and
increased amplitude, but without carrying any pitch
accent. This pattern was found in polysyllabic
words. While this tonal pattern is attested on the
verb in the broad focus condition, it was found on
the focused subjects and objects as well. The third
option was a combination of the two tones in a
single word, i.e., an [Hi] on the initial syllable and a
[L+H*] on the stressed syllable (see Figure 4).
Speakers used the first option ([L+H*]/[H*] on the
focused word) 39% of the time, the second option
([Hi]) 31% of the time, and the third option ([Hi
L+H*]) 25% of the time. The remaining 5% could
not be categorized because of errors in the location
of focus.
Figure 4: Narrow focus on the subject “Leila”, by
using both [Hi] and [L+H*] tones.

3.2. Boundary marking

Narrowly focused words were sometimes preceded
or followed by an ip or IP juncture. This was most
common with subject-focus utterances, in which a
strong juncture would follow the subject. By putting
the focused word in its own ip or IP, the prominence
of the focused word is further highlighted (see
Figure 5).

the [L+H*] was realized early in the stressed
syllable (see Figure 6).
Figure 6: Narrow focus on the subject “boy”, showing
an f0 fall to a [L-] following a [L+H*] on the same
syllable.

3.3. Deaccenting and pitch range compression

Across all speakers, words following focused
subjects and objects tended to be deaccented and/or
compressed in their pitch range, maintaining a minor
f0 peak from a pitch accent. See Figure 5, for an
example of a deaccented post-focus string.
In pre-focal position, however, speakers varied
in their realization of accents. One speaker in
particular strongly reduced the prominence of the
pre-focal words by completely deaccenting and/or
drastically compressing the pitch range on those
words, thereby realizing them with an f0 plateau.
Figure 7 shows an example where the pre-focus
string is compressed in pitch range (It is also
separated from the focused word by a large break).
Figure 7: Narrow focus on the verb, showing
deaccenting and pitch compression of the pre-focal
subject and object.

Figure 5: Narrow focus on the subject, “Mariam”,
showing a [L%] and a pause after the subject.
3.4. Truncation of [L%]

The tonal marking of this juncture varied across
speakers. After the focused subject, either a [H] or a
[L] boundary tone was used. But when the focus was
marked by a L+H* pitch accent, followed by a H
boundary tone, the most salient cue to the big
juncture after the focused word was lengthening of
the ip/IP-final syllable. However, when a [L]
boundary was used to mark the juncture, the peak of
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As mentioned previously, focused verbs tend to
carry a pitch accent on their final, stressed syllable,
followed by a [L%] boundary tone to signal that the
utterance is a declarative. In this case, the IP-final
syllable is extra-lengthened to accommodate all the
3 tones, [LHL], i.e., a [L+H*] pitch accent and a [L
%] boundary tone. An example of this IP-final extralengthening and [L%] realization is seen in Figure 8.
However, in certain cases, the f0 at the end of the IP
ends high, at the level of the [L+H*], indicating a
truncated [L%]. An example of [L%] truncation is
seen in Figure 9. (Figure 8 also shows that [Hi] can
occur before a [H%] boundary tone.)

and a sole tonal marking of a non-focus IP,
preceding a [H%] (see Figure 8).

Figure 8: Narrow focus on the verb, in declaratives,
showing extra-lengthening of the IP-final syllable to
host a [L+H* L%] tune.

Figure 10: Prosodic hierarchy and tonal affiliations
for Tatar intonational phonology: A revision from [3].
(All tones are optional except for ip and IP boundary
tones.)

Figure 9: Narrow focus on the verb, in declaratives,
showing truncation of the IP-final [L%].

4. DISCUSSION AND CONCLUSIONS
With regard to prominence marking in broad focus
declarative utterances, our data largely corroborate
the findings of [13]. Subjects and objects were
typically accented with a [L+H*] on their respective
stressed syllables, and verbs were not accented but
sometimes carried a prominence marking [Hi] on
their first or second syllable.
The strategies for marking narrow focus varied
in terms of both head and edge marking. Three
typical tunes emerged as options for narrow focus;
[L+H*], [Hi], or [Hi L+H*] on the focused
constituent. Additionally, focused constituents were
optionally phrased into their own ip or IP by the use
of a large juncture before or after it. Deaccenting of
pre- and post-focus words, even across an ip or IP
boundary, as well as pitch compression on these
words, lent a strong salience to the focused word.
This did the job of strengthening the prominence of
the narrowly focused word by weakening the
prominence of its surrounding words.
Further evidence for the [Hi] highlighting its
host word was found in the narrow focus utterances.
The [Hi] was often employed in focused constituents
either in conjunction with a [L+H*] on its host word
or by itself. Whereas the distribution of the [Hi] was
relatively restricted in previous accounts (i.e. always
following a [L+H*] before [L-], or in an IP-final ip
by itself preceding a [L%]), the data shown here
extend its domain to include cases in which it is
followed by a [L+H*] in the same word (see Figures
4, 8, and 9), cases in which it is the sole tonal
marking of focus in its own IP (see Figure 5 and 7),
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Based on the findings from the current study,
especially on the distribution of the Hi tone, a
revision to the previous model of Tatar intonational
phonology [13] is proposed in Figure 10. It is
important to note that all of the prominence marking
tones (i.e. the pitch accents and [Hi]) are optional,
whereas the boundary marking tones (i.e. ip and IP
[L] and [H] tones) are not.
The frequent use of the [Hi] tone in focused
constituents provides further evidence for its
prominence marking function despite the fact that it
is not a pitch accent and appears at the beginning of
a word or a phrase, thus marking the edge of a
prosodic unit. As mentioned in Section 1.1, this is
very similar to the ‘initial stress’ or the [Hi] tone of
French intonation [6]. The French [Hi] is also not a
pitch accent and its location is limited to the
beginning two syllables of a content word within an
Accentual Phrase (AP). Furthermore, its presence is
optional due to various factors including rhythm,
emphasis, length of a word/phrase, and its location
in a phrase. In non-IP-final positions, [Hi] is
generally followed by a pitch accent (or primary
accent) in the same AP, but is often the only tone of
the IP-final AP. Further study is needed to find out
what factors affect the distribution of Tatar [Hi] tone.
When taking into account the typology of
intonational phonology and the AM model, Tatar
stands out for two reasons. Firstly, though Tatar is a
head prominence language [5], it is possible to have
an IP or ip with no head, i.e., [Hi] is the only tone of
an ip or IP. Secondly, a string of words before a
focused word can also be deaccented, even across an
IP boundary. These two phenomena in particular
warrant further investigation of Tatar to expand on
what is thought to be possible in the intonational
phonology of languages.
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ABSTRACT

2. BACKGROUND

The status of word-level stress in Amharic (Semitic,
Ethiopia) is debated. Early work claims that there
is no systematic stress assignment in the language,
while Mullen [5] and Sande & Hedding (S&H)
[6] each propose quantity-sensitive analyses of the
word-level stress system. Mullen [5] and S&H
[6] agree on many points about which syllables are
stressed, but disagree in three key areas: 1) the
number of stresses per word, 2) which syllables are
heavy, and 3) whether heavy suffixes attract stress.

The phonological analysis of stress in Amharic is debated. Much early descriptive literature on Amharic
claimed that there was no systematic stress marking,
and that prominence of specific syllables within a
word was variable. Hudson [3] states that ‘Stress
is not prominent in Amharic’ (p. 260). Leslau [4]
agrees, stating ‘In general, Amharic has an almost
even distribution of stress on each syllable’ (p. 44).
Armbruster [2] says that ‘stress - accent (i.e., word
stress) in Amharic is in general less marked than in
English’ (p. 30). Alemayehu [1] claims that pitch
plays a role in the intonational system of Amharic,
but admits that this makes intonation difficult to
tease apart from stress (p. 23). The observation that
Amharic lacks a clear stress pattern is representative
of a broader trend in the literature on Ethio-Semitic
languages, ‘Common to all Semitic Ethiopian languages is the ‘instability’ of accent’ [8] (p. 297).
Despite the claims of the lack of a systematic
stress pattern in Amharic, there are at least four
distinct existing analyses of stress placement in
Amharic, which vary in degree of completeness.
First, in his 1995 grammar, Leslau, despite restating the observation that stress is not prominent,
notes ‘It is safe to state that the last syllable is not
stressed...[and] the syllable preceding a geminated
syllable is likely to be stressed’ [4] (p. 16); however, he leaves a full analysis of the stress system for
future work.
Alemayehu [1] claims that the initial syllable is
stressed in 2- and 3-syllable words in Amharic, while
the second syllable is stressed in 4-syllable words.
It so happens that all 4-syllable words in the paper
have a geminate at the end of the second syllable,
such that syllables ending in geminate consonants,
specifically the first syllable ending in a geminate
consonant within a word, are stressed. They assume
that high pitch is the phonetic cue associated with
the stressed syllable, but do not show phonetic evidence supporting this claim. Due to the lack of independent evidence for this analysis (in fact, we find
contradictory results), and the limited set of data that
the analysis seems to have been based on, we do not

Here we present the first thorough acoustic investigation of cues to stress in Amharic, showing that
intensity is the acoustic correlate. We then use these
acoustic findings to determine whether one of the extant analyses makes better predictions about the contested data than the other. We find that neither analysis accounts for all aspects of the stress system, and
make recommendations for future phonological investigations of Amharic stress.
Keywords: Amharic, stress, acoustic cues, intensity, duration
1. INTRODUCTION
This paper examines the acoustic correlates of stress
in Amharic, an Ethio-Semitic language spoken in
Ethiopia, based on data collected from three native
speakers. An acoustic investigation of stress patterns
in Amharic is necessary, because the phonological
analysis of stress in the language has been a much
debated topic.
Section 2 of this paper addresses previous work,
phonetic and phonological, on Amharic stress. Section 3 introduces the methodology used for collecting acoustic data. Section 4 presents the results of
our acoustic study, showing that high intensity, but
not longer duration or higher pitch, is strongly correlated with stressed syllables in Amharic. Section 5
concludes, hinting at implications for the phonological analysis of the Amharic stress system.
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pursue this analysis further.
Mullen [5] presents an alternative, more complete
analysis. For Mullen, all coda consonants contribute
to syllable weight (p. 164). The final syllable is
never stressed except in disyllabic words when the
final syllable is heavy and the initial syllable is light.
Otherwise, the rightmost heavy syllable is stressed.
If there are no heavy syllables, the first syllable in a
word is stressed. Mullen notes that there are numerous lexical exceptions to this pattern. Additionally,
many suffixes, particularly those ending in geminates, do not conform to the above generalizations:
‘No alternation of the original stress occurs when the
pluralizing suffix -occ [...] is added’ (p. 166). Under the generalizations above, the verb stem "sabbar,
‘break’ plus the first-person suffix [-ku] should surface with the rightmost closed syllable as stressed;
however, this form is not possible, *sab"barku. Instead, the initial syllable is stressed, "sabbarku, ‘I
broke’. Mullen analyzes suffixes like the personmarking [-ku] as extrametrical, thus explaining away
the exception.
For Sande and Hedding [6], who posit still another alternative analysis of the Amharic stress system, verbal forms such as "sabbarku are not exceptional. Instead, stress on the initial syllable in this
case is claimed to be due to the fact that it is closed by
a geminate. For Sande and Hedding, based on data
from stress and infixing reduplication, only syllables
closed by a geminate are heavy in Amharic, and all
heavy syllables are stressed. In words without heavy
syllables, the initial syllable is stressed (this is a point
of similarity with Mullen), as are all odd-numbered
syllables except for the final one.
While Mullen and S&H agree on some issues the final syllable closed by a geminate is stressed in
words with three or more syllables, as are initial syllables when no closed syllable is present - they disagree in other areas. While both analyses rely on
quantity sensitivity, one crucial difference between
the two is that, for S&H, only syllables closed by
geminates, and not all closed syllables, attract stress.
For the disyllabic word tagast, ‘patience’, S&H’s
analyses predicts the initial syllable to be stressed,
while Mullen’s predicts the second syllable to be
stressed. Sande and Hedding also do not expect suffixes like /-otStS/ to act distinctly from stem-internal
heavy syllables. S&H predict any syllable closed by
a geminate consonant, suffix or not, to be stressed.
Here we take the first step in differentiating between
these possible analyses; we provide the first thorough acoustic examination of the Amharic stress system, making it possible to systematically test which
syllables in a word are the stressed ones.

3. METHODOLOGY
Three consultants, all self-reported native Amharic
speakers, produced the tokens for the present study.
Speakers 1 and 2 are female between the ages of
18-40, and speaker 3 is male, between the ages of
20-24. Speaker 1 completed two elicitation sessions
that lasted 1 hour each, and speakers 2 and 3 completed a single 1-hour elicitation session, due to time
constraints1 . During the elicitation session, participants were given oral instructions to translate a word
or two-word phrase from English to Amharic and
repeat the word or phrase three times. Full sentences were not elicited, as these could have been
produced with confounding sentence-level intonation. The English wordlist was read orally by the researcher, and was designed to elicit each of the seven
Amharic vowels in the full range of possible syllable
shapes and word positions.
The Amharic words were spliced and annotated
by hand in Praat. A Python script was used to extract duration, rms, and mean F0 across the duration
of the vowel for each token. Phonological information about syllable shape and predicted stress of each
vowel were noted by hand. Speaker 1 produced 953
vowel tokens, speaker 2 produced 426 vowel tokens,
and speaker 3 produced 469 vowel tokens. A total of
1846 vowel tokens were usable and are included in
the acoustic analysis.
The coded syllables were split into those upon
which the Mullen and S&H analyses of Amharic
stress agree (stressed vs. unstressed), the Agree set,
and those upon which they do not, the Disagree set.
There were 1314 tokens in the Agree data set, and
each of these syllables was assigned a stress value
of 1 if the phonological analyses predicted it to be
stressed, and a value of 0 if the analyses predicted
it to be unstressed. Half of these Agree tokens were
randomly assigned to a training group, and the other
half to a testing group. A mixed effects logistic regression model was run on the training group of data,
using acoustic factors to predict the binary stress
value. The fixed effects were rms, F0, and duration.
The random effects were speaker, token, preceding
consonant, following consonant, vowel identity, and
syllable identity.
The results of this model were used to generate
a prediction value between 0 and 1 for each vowel
token in the testing group of the Agree tokens, based
on its acoustic properties [7]. A prediction value near
0 indicated the syllable was likely to be unstressed
while a prediction value closer to 1 indicated a likely
stressed syllable. A correlation was run to determine
the similarity between the stress values predicted by
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of the data falls below .2 (unstressed) or above .8
(stressed).

the phonological analyses, 0 or 1, and the prediction
values generated by the model, which ranged from 0
to 1.
The results of the model were also used to create
prediction values for the 532 Disagree vowel tokens.
As above, each syllable was assigned a value from 0
to 1, corresponding to how likely it was to be stressed
based on its acoustic properties.
If the model is shown to be successful in predicting stressedness of the Agree testing data, the factors that come out as significant in determining the
results of the logistic regression model will be assumed to be the primary acoustic cues to stress in
Amharic. In this case, we will also be able to say
that the shared predictions of S&H’s and Mullen’s
analyses make good predictions about the data. Second, the results of the model tested on the Disagree
data will shed light on whether the acoustics better
align with Mullen’s or S&H’s predictions where the
two disagree, or whether both analyses are flawed.
If all of the syllables said to be stressed by Mullen
come out as close to 1 (.8 or above), we will be able
to confidently say that Mullen’s phonological analysis of word-level stress is correct. Conversely, if the
syllables predicted to be stressed by S&H come out
as close to 1, we will be able to say that S&H’s analysis more closely matches the acoustic data. If neither set of stressed syllables is correlated with results
close to 1, we will propose that a new phonological
analyses of word stress in Amharic is needed.

Figure 1: Generated prediction values (Agree).

When the results of the model were used to generate predicted stress values for the 532 Disagree syllables, these values showed a distribution that was
less clearly bimodal, as presented in Figure 2.
Figure 2: Generated prediction values (Disagree).

4. RESULTS
The results of the logistic regression are shown in
Table 1. Rms achieved significance in predicting
phonological stress, whereas neither F0 nor vowel
duration was significant in the model.

Of the 532 syllables in this data set, 185 (approximately 35%) were assigned prediction values in the
mid range, between 0.2 and 0.8, suggesting that the
acoustics of these syllables were not entirely characteristic of either the stressed or the unstressed syllables in the Agree data set.
Table 2 presents the number of syllables in each
of three prediction value ranges: ≤ 0.2, predicted
by the model to be unstressed, ≥ 0.8, predicted to
be stressed, and 0.2 - 0.8, representing tokens with
acoustics that are not strongly characteristic of either
stressed or unstressed syllables. These syllables are
divided into those that the Mullen analysis predicts to
be stressed and those that the S&H analysis predicts
to be stressed.
For both analyses, the tokens that are said to be
stressed fall almost evenly into three groups: those
predicted by the model to be stressed, those predicted
to be unstressed, and those in the mid range.

Table 1: Mixed Effects Logistic Regression Results.

Factor
rms
F0
Duration

P-value
0.001 *
0.779
0.197

The predicted stress values generated from this
model for the testing data of the Agree set were
highly correlated with the stress values (1 or 0)
predicted by the phonological analyses (r=0.774,
p<0.001). Figure 1 shows the predicted stress values for all of the syllables in the testing set of the
Agree syllables. There is a clear bimodal distribution, such that most syllables are predicted to be
clearly stressed or clearly unstressed. Over 95%
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that most geminate-closed suffixes fall into the high
range (>0.8). For example, there are 121 instances
of the plural suffix /-otStS/ in the Disagree data. 104
of these fall above 0.8, meaning they are acoustically very similar to the stressed syllables. This is
predicted by S&H, but not by Mullen. The remaining 17 /-otStS/ syllables fall in the mid-range, and all
above 0.5. Mullen, on the other hand, predicts these
to be unstressed. None of the /-otStS/ syllables, in
fact, fall into the unstressed range (<0.2). It seems
that on this point, at least, S&H’s analysis makes better predictions than Mullen’s.
An alternative explanation for the 185 Disagree
syllables in the mid range is that what we are calling
stress in Amharic is in fact a combination of competing pressures for prominence. Perhaps both wordinitial and heavy syllables compete for prominence,
realized acoustically as high intensity, and the combination of these two pressures results in what looks
like a stress system. In either case, our acoustic data
not only provide clear evidence that intensity is the
cue to stress in Amharic, but also suggests the need
for a phonological analysis of Amharic stress that is
more nuanced than existing ones.

Table 2: Number of stressed tokens per prediction
value, by phonological analysis.

≥ 0.8
0.2 - 0.8
≤ 0.2

Mullen
60 (38%)
43 (27%)
54 (34%)

Sande & Hedding
112 (30%)
142 (38%)
121 (32%)

5. DISCUSSION
The results show that intensity, measured here as
rms, is the primary cue to stress in Amharic. Neither
vowel duration nor pitch were significant predictors
for stress in these data. The significantly high correlation in the testing group between the stress values predicted by the phonological analyses and those
generated by the acoustic model (r=0.774) suggests
that these results are highly reliable. Additionally,
the high correlation suggests that the agreed upon
predictions of Mullen’s and S&H’s analyses closely
match the acoustic data. The bimodal distribution in
Figure 1 shows that even if there were some acoustic effects of phrase-level intonation, there were
nonetheless acoustic differences that seem to be the
correlates of word-level stress.
The results presented in Figure 2 are somewhat
unexpected if we assume there is a binary distinction
in Amharic between stressed and unstressed syllables. By revealing a lack of bimodal distribution, the
acoustic analysis presented here suggests that neither of the phonological analyses compared here, [5]
or [6], fully accounts for the Amharic stress system.
Rather, there appear to be syllables that are neither
fully stressed nor fully unstressed, based on their
acoustic properties. It may be the case that there is a
third type of syllable in Amharic, namely, those with
secondary stress. This would explain the presence of
the 185 syllables in the middle range in Figure 2.
Examining the identity of the 185 syllables in the
mid-range, we find that with the exception of 26 syllables, mid-range syllables all fall into one of the
following four categories: 1) They are the second
stressed syllable in a word on S&H’s analysis (the
only one of the two analyses that allows for multiple
stresses per word). 2) They are word-initial open syllables. 3) They alternate with a geminate-closed syllable (i.e. CV.CV.CV.CVG). 4) They are geminateclosed suffixes which Mullen specifically claims to
be unstressed (-otStS). The first three of these suggest
that the best analysis of word-level stress in Amharic
should take into account secondary, as well as primary, stress.
The final group of syllables in the mid-range are
suffixes that end with geminates. Note, however,

6. CONCLUSION
Here we provide the first thorough inquiry into the
acoustic correlates of stress in Amharic, concluding
that intensity is the primary correlate. Pitch and duration do not significantly differ between stressed
and unstressed syllables. This finding allows us to
test phonological predictions about Amharic stress.
We have also shown that neither extant phonological
analysis of Amharic stress adequately accounts for
the full range of data, and suggest that future phonological analyses of word-stress in Amharic consider
at least three levels of stressedness.
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ABSTRACT

there is a further prosodic level between the AP and
the Intonational Phrase (IP) that could be identified phonetically, see Figure 1. More specifically,
we are interested in H* tonal targets and their F0
level, to which we refer here as scaling, following [7]. Within the autosegmental-metrical model,
it has been observed that scaling processes differ
among languages, for instance in how the domain
of downstep is defined. One way to define the
downstep domain is to model it as the result of a
global lowering of the pitch range level for a specific phrase. Another way in which downstep is
said to operate, corresponds to a strictly local phenomenon, in which immediately adjacent pitch accents are targeted within the same intonational constituent [2, 11]. An investigation of intonation in
French [7] found that pitch-scaling effects were related to the internal structuring of the IP and that
recursive downstep, which would occur throughout
an IP, is blocked phrase internally. More precisely, it
is shown that the syntactic break between a complex
noun phrase (NP) and a verb phrase (VP) triggers
complete upwards pitch reset and so the blocking
of recursive downstep of successive AP-final LH*
rises in declarative utterances, as exemplified in Figure 2. The reason for this blocking has been associated with the existence of a further prosodic level,
namely the intermediate phrase (ip). In addition to

This study investigates intonational properties related to the marking of boundaries of different kinds
of constituents of a French variety spoken in the
South Pacific. Lifou French represents an understudied regional variety from New Caledonia and is
spoken by bilingual speakers of French and Drehu,
an Oceanic language. Within autosegmental metrical phonology the status of the intermediate phrase
(ip) in French has been subject to debate. This
study focuses on right boundary marking to examine whether phonetic cues can be related to the realisation of different types of prosodic breaks, namely
the Accentual Phrase (AP) and the ip. Pitch scaling patterns within and across APs support the existence of the ip based on data from this largely undocumented variety. Interestingly, the phonetic realisation of right boundary marking shows differences
from the Standard variety of French.
Keywords: Prosodic hierarchy, French varieties,
Bilingualism, intermediate phrase, right boundary.
1. INTRODUCTION
This study focuses on pitch scaling phenomena related to the marking of the right boundary of accentual phrases (AP) in different positions. Lifou
French is an understudied variety spoken in New
Caledonia. Speakers of this variety are ususally
bilinguals of French and Drehu, an Oceanic language from the Southern Melanesian linkage [5].
According to census data, in 2009 there were around
8600 inhabitants on the island [17]. Our current
knowledge on the phonetics of prosody in Drehu is
rather limited but a recent investigation on prominence realisation suggests that there is a preference for a phrasal prominence marking with a rising tone towards the right edge of constituents [19].
Similarly, little is known regarding the phonology
and phonetics of Lifou French. Previous research
[18] examining the AP indicates this variety shares
phonological properties with Hexagonal French and
that the AP shows very similar tonal patterns. The
present study seeks to investigate boundary marking
of the right edge of APs and so to identify whether

Figure 1: Schematic representation of the French
prosodic hierarchy, adapted from [6]. The intermediate phrase (ip) represents the here investigated prosodic level.
IP
ip

(ip)

(AP)

AP

(Wf) (Wf) (Wc) Wc
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σ σ σ σ
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Figure 2: Schematic representation of complete
pitch reset at the intermediate phrase (ip) boundary. The black dottet line indicates where the peak
at the ip boundary is set to the level of the first
peak.

Figure 3: Schematic representation of downstep
blocking at ip boundary. The black dottet line indicates where the peak at the ip boundary is blocked
from downstepping. The grey line shows a dowstepped subsequent peak.

ip boundary

ip boundary
downstep

AP1

AP2

AP.Fl

Hpb

has also been described as acoustic cue in the demarcation of the ip in contrast to the AP [12]. This
prosodic level has been controversial within the autosegmental metrical approach since there have been
accounts which include it in the prosodic hierarchy
[8, 7], while others exclude it [14, 9]. Although
some studies suggest the existence of the ip as further prosodic level for French [12, 7], this issue remains largely undocumented in other varieties. Data
from a previously unstudied variety of French based
on an investigation of pitch scaling processes and the
domain of downstep will add to the research body
around this theoretical debate.
2. RESEARCH QUESTIONS
Previous research on Lifou French showed the AP
shares the same tonal targets as Standard French
[18]. In this study, we investigate whether the ip
is also found in Lifou French. Therefore, we seek
to determine if and what scaling effects could be
involved in demarcating the right boundary at this
level. We predict that if there is a further prosodic
level between the AP and the IP, the right boundary
of the ip should be phonetically distinguishable from
boundaries at a lower level. Therefore, the following
hypotheses will be tested:
• Complete Reset Hypothesis :
If the syntactic break triggers reset, we hypothesise
that the pitch level of a LH* rising accent of the AP
at this break will be reset and scaled at the level of
the IP initial peak.
• Downstep blocking Hypothesis:
Alternatively, a further variation in pitch scaling that
could be associated with a demarcation of a prosodic
level is downstep blocking of F0. This would mean
that the pitch level of a LH* rising accent immediately preceding the syntactic break is scaled at the
same level as the preceding peak.
• Downstep Hypothesis:
Finally, we hypothesise there is successive lowering of F0 peaks at the right edge of APs,

AP1

AP2

AP.Fl

Hpb

within an IP that is formed of a sequence of APs
[[AP][AP][AP]]IP. This means the pitch level of
a LH* rising accent immediately preceding an AP
boundary is downstepped relative to the IP initial
peak and the preceding peak. Within our experimental design, we predict that APs that do not coincide
with the syntactic break will show downstep rather
than reset.
3. METHOD
3.1. Participants

Seven female and six male teenage (14-19 years
old) bilingual speakers of French and Drehu particpated in the experiment. Participants responded to
an adapted version of the sociolinguistic questionnaire BLP [3]. They reported using both languages
on a daily basis when being raised, and that they live
in a bilingual French - Drehu speaking household.
Additionally, all participants receive formal education in a French speaking environment.
3.2. Materials

Elicitation materials consisted of 12 utterances
separated into a two or three AP condition. Target
APs usually contained three syllables (apart from
one token that had 4 syllables), which always ended
in a vowel (either /i/ or /ã/); this vowel was preceded
by a sonorant consonant (like the nasal /m/ or
liquid /K/). Materials were adapted from [7] and
checked for comprehensibility prior to elicitation.
There were two conditions and elicitation phrases
contained a sequence of either two or three noun
phrases. These noun phrases were followed by a
verb phrase which contained Hpb (post boundary
H* tone):
2-AP [[NP]AP1[NP]AP.Fs |ip [VP]Hpb[NP]]IP
3-AP [[NP]AP1[NP]AP2[NP]AP.Fl |ip [VP]Hpb[NP]]IP

4. RESULTS
Examples 1 and 2 show both conditions.
(1)

[La mamie]1 [de Rémy]Fs demandait Bruno.
Remy’s grandma asked for Bruno.

(2)

[La mamie]1 [des amis]2 [de Rémy]Fl demandait Bruno.
Remy’s friend’s grandma asked for Bruno.

Results show that there is variation in pitch scaling within the IP. Table 1 summarises the results for
multiple comparisons between peaks. How the obtained ratio values relate to pitch scaling is discussed
according to predictions made under point 2.
Table 1: Calculated ratio values of right edge H*
peaks of APs in two conditions.

3.3. Procedure

Ratio

The first author recorded all participants with
a Zoom H6 recorder, using a head mountedmicrophone, in a quiet room, in Lifou’s high school
Lycée Polyvalent des Îles. Stimuli were visually presented on Power point slides and participants were
recorded at a self selected normal and fast speech
rate (12 utterances x 2 speech rates x 13 speakers).
Prior to recordings participants had time to read all
utterances and familiarise themselves with the task.

Prediction

Result

2 AP condition
AP.Fs/AP1
AP.Fs/AP2
Hpb/AP1

=1
>1
<1

0.97
1.03
0.91

3 AP condition
AP.Fl/AP1
AP.Fl/AP2
AP.Fl/Hpb
Hpb/AP1

3.4. Analysis

Coding and phonetic segmentation were carried out
by the first author. First, sound files were manually
transcribed and then force aligned with the WebMAUS interface, using a parameter model based
on SAMPA [10]. Then, phonetic alignment was
manually corrected in Praat [4]. Further, the target APs, position, and phones were marked. Subsequently, Tones were also manually annotated with
labels used within autosegmental metrical phonology [8, 9]. Finally, a hierarchical database was constructed using the EMU Speech Database Management System [20]. It included tiers for the Tones,
phonemic segments, words, and target token position. Fundamental frequency was queried using the
emuR package in R [21, 15].

=1
=1
>1
<1

0.94
0.99
1.03
0.85

4.1. Complete reset

In case there is complete reset, it was predicted that
the ratio value for H* at the syntactic break and AP1
should be equal to 1. To test this, the ratio between
AP.Fs and AP1 (= 0.97) in the 2-AP condition and
AP.Fl and AP1 (= 0.94) in the 3-AP condition was
measured. Figure 4 shows that, in the 3-AP condition, the peak at the syntactic break is not reset to the
exact same level of the ip initial AP (AP1) but rather
to the level of the peak in the immediately preceding
AP.

3.4.1. Statistical analyses

4.2. Downstep blocking

To provide a psycho-acoustic relevant measure F0
was converted into semi tones [13] (benchmark 100)
and these values were then used for statistical analyses, carried out in R [16] with help of the package lme4 [1]. A linear mixed effects model investigated pitch scaling of the peak associated with LH*
tones, with AP position, speech rate, and speaker
sex as fixed factors, and speaker as random intercept (n=650). Further, ratio values of the LH* peaks
were calculated in order to see the relationship between the peaks and the position in the utterance [7].
A ratio of 1 or higher between two peaks indicates
that the tonal target is not downstepped relative to
the IP initial peak.

If pitch is blocked from downstep, we hypothesised
that the peak at the syntactic break would be scaled
at the level of the respectively preceding AP, with a
ratio value of 1. To test this hypothesis, the ratio values between AP.Fs and AP1 (=0.97) and AP.Fl and
AP2 (=0.99) were measured. Although the peaks
are not at the exact same level, the ratio values
are very close to one. Conversely, it is expected
that, at the syntactic break, there is no downstep
when compared to an AP in the same position but
that does not precede the break. For this comparison, a ratio value > 1 is predicted. Results show
there is a pitch upward movement at the syntactic
break (AP.Fs / AP2 = 1.03, Est. 0.5 ± 0.01 semi-
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1.8 ± 0.2 semitones, p <0.001) show that the peaks
after the syntactic break are lowered relative to the
IP initial peak.

Figure 4: Estimated semi tone values of LH*
peaks of four successive APs of female speakers
recorded at fast and normal speech rate.

5. DISCUSSION AND CONCLUSION
17.5

This study aimed at investigating pitch scaling patterns of the right boundary of the AP in Lifou French
in order to evaluate if there are phonetic cues distinguishing between two different prosodic levels, the
AP and ip. Data from this previously undocumented
variety investigates the existence of the intermediate phrase as further level in the prosodic hierarchy
of Lifou French. Our analysis aimed specifically
at examining pitch scaling properties within the IP.
Therefore, we focused on the F0 level of peaks at the
right edge of accentual phrases. In order to evaluate
downstep trends, we were interested in how peaks
at the right edge of APs were scaled relative to the
peak of an IP-initial AP and to each other. It was
found that the peak immediately preceding the syntactic break between a complex noun phrase and a
verb phrase was blocked from downstep. Additional
evidence supporting the pitch scaling effect is found
at the right boundary of APs that occur after the
syntactic break. In this case, it was found that the
peak after the NP|VP break was consistently downstepped. Although the differences in the F0 level
are of small magnitude, they appear to be consistent
across speakers. The patterns observed in this study
differ from what has been reported for the Standard
variety. In that variety, complete pitch reset is used
in the demarcation of an ip right boundary placed
at a major syntactic break. Thus, we find differences in fundamental frequency that show that pitch
is scaled differently. Although the effects on scaling are small in Lifou French the data show a consistent effect where it was predicted. Importantly,
a strong downstep effect occurs after the syntactic
break, hence after the ip boundary. These results
seem to rather support the claim of the existence of
the ip as a further prosodic level in Lifou French and
are different from the Standard variety where there
is ip internal downstep (prior to the ip boundary).
This difference could be related to regional variation. However, we do not know yet how speakers
of French process these fine grained phonetic differences. It remains an open question as to how exactly
Lifou French speakers perceive downstep blocking
and if speakers of the Standard variety would process this scaling effect in a similar way. Finally, it
would be of interest to test the reported effects of
scaling involved in ip boundary marking, for example in form of a perception experiment.

semi tones

15.0

Position
AP1
AP2
AP.Fl
Hpb

12.5

10.0

7.5

AP1

AP2

AP.Fl

Hpb

tones, p <0.001. AP.Fl / Hpb = 1.03, Est. 0.5
± 0.1 semitones, p <0.001). As shown in Figure
5, peaks immediately preceding the syntactic break
are significantly higher than the peaks of APs after
the boundary, the left boxplot in the two conditions.
This suggests that H* peaks of AP.Fs and AP.Fl are
blocked from downstep at the ip boundary, as shown
in Figure 3.
Figure 5: Estimated semitone values for male
speakers of LH* peaks at the ip boundary and the
following AP in the 2 AP and the 3 AP condition.
2 AP condition

3 AP condition

semi tones

15

Position
AP.Fs
AP3
AP.Fl
AP4

10

5

0
NP|VP

[VP|VP]

NP|VP

[VP|VP]

4.3. Downstep

In cases where no ip boundary marking would be
triggered, downstep across peaks of successive APs
was predicted. To investigate whether there is downstep after the syntactic break the ratio was calculated
between Hpb and AP1 (in the 2-AP condition) =
0.91 and Hpb and AP1 (in the 3-AP condition) =
0.85 (see Figure 5). Results for the 2-AP (Est. 1.3 ±
0.1 semitones, p <0.001) and 3-AP conditions (Est.
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ABSTRACT

tional tones interact in the Kinshasa dialect of Lingala, a Bantu language with a two-way lexical tonal
contrast, and what appears to be a two-way intonational contrast in phrase-final position.
Previous descriptions of Lingala ([4], [5], [9],
[11], [13]) report that the language has high and low
lexical tones,1 (H and L from now on), respectively.
Guthrie [4] further claims that the realization of this
lexical tonal contrast is affected by an extra-low tone
that occurs phrase-finally, which we attribute to the
presence of a low intonational tone. This type of
coarticulatory pattern has been described as superimposition in other Bantu languages (e.g., Embosi
[10], Limbum [3]).
In our data, we have observed very low f0 values
at the end of many utterances where the last syllable
carries an H tone, as well as unexpectedly high f0
values in cases where the phrase-final syllable carries a L tone. Fig. 1 illustrates both of these patterns
in the words na yé ‘his’, where the last syllable carries a high lexical tone, but opposite f0 trajectories
are observed. While this eliminates the possibility
of the avoidance pattern for Kinshasa Lingala - at
least for phrase-final H lexical tones - three options
remain regarding the realization of the contrast between high and low lexical tones in phrase-final position: 1) submission; 2) sequential realization; and
3) coalescence. We probe these different possibilities by inspecting the phonetic realization of lexical
tones in phrase-final syllables in Kinshasa Lingala.

We investigate the phonetic realization of lexical
tones in phrase-final syllables in Kinshasa Lingala,
where intonational and lexical targets coincide and
potentially conflict. We analyze read speech data
from nine Kinshasa Lingala speakers. By employing stringent and objective criteria to identify intonational tones, we observe the following: (1) We
confirm the existence of intonational targets, with
extra high and extra low f0 values. (2) Contrasts between high and low lexical tones phrase-finally are
unequivocally preserved when preceding a high intonational tone, but not when preceding a low intonational tone. (3) Different patterns of coarticulation arise in specific combinations of lexical and
intonational tones. (4) Speakers often use devoicing in conjunction with phrase-final low tonal targets, as well as when phrase-final syllables contain
/i/ regardless of its associated tone.
Keywords: lexical tone, intonation, prosody,
phrase-final position, Kinshasa Lingala
1. INTRODUCTION
The interaction of lexical tone and intonation is an
important aspect of linguistic systems, given that
both implicate f0 but serve different linguistic functions. Hyman and Monaka [6] propose that the
two may interact in three different ways across languages: (1) accommodation, where lexical and intonational tones co-occur but do not affect each
other; (2) submission, where intonational tones “invade and override” lexical tones; and (3) avoidance,
where intonational tones fail to surface.
We propose that the accommodation pattern can
be further divided into two possibilities: (1) sequential realization, where lexical and intonational tones
are realized sequentially, possibly with substantial
coarticulation; and (2) coalescence, where both lexical and intonational contrasts are preserved but are
coalesced into a single tonal target (e.g., a mid tone),
from which lexical tones can be reconstructed. The
present study focuses on how lexical and intona-

2. METHODS
2.1. Data collection

Read speech data were collected from 9 native
speakers (5 males, 4 females) of Kinshasa Lingala.
Each speaker read one of two fables, which were
originally written in standard Lingala. They were
adapted for Kinshasa Lingala, and then written in
a form of writing commonly used in the Democratic Republic of Congo, which does not mark
tonal contrasts. Data were collected in a soundattenuated room at McGill University using Shure
SM10A head-mounted unidirectional microphones
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Figure 1: Opposite f0 patterns in semitones and waveforms for the same sequence of words na yé ‘his’ in phrasefinal position, with syllable boundaries and lexical tones marked for the two last syllables.
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in semitones relative to 100 Hz. We normalized f0
measures relative to each speaker’s mean f0 value,
calculated over the entire recording.
Given that Lingala syllables always end in a
vowel, devoicing was coded when Praat did not find
any f0 value in the second half of the final syllable.

2.2. Data preparation

For each recording, interpausal units (IPU) delimited by silences of at least 200ms were identified
automatically in Praat [1] using the “To TextGrid
(silences)” function. All lexical tones in the fables
were annotated by a native speaker of Kinshasa Lingala with linguistic training. The last two syllables
in each IPU were labelled with their corresponding
tones. IPUs with non-canonical speech (e.g., mispronunciations, sudden stops, incomplete phrases,
and clearly perceptible disfluencies) and non-speech
noise were excluded. Thirty-nine IPUs where measured f0 values were 10 or more semitones higher or
lower than the speaker’s mean f0 value were manually examined and excluded as f0 tracking errors.
Since the intonation of Kinshasa Lingala is still
not well understood, we adopted stringent and conservative criteria in annotating intonational tones.
Any f0 value in an IPU-final syllable that was higher
or lower than the previously identified H or L lexical
target in that IPU was labelled H% and L%, respectively, after the IPUs-final syllable. As a result, 140
cases of H% (119 H and 21 L) and 261 cases of L%
(124 H and 137 L) were identified. The remaining
155 IPUs were labelled as M% and were excluded as
they do not meet the criteria proposed for the present
study.
The last syllable of each target IPU was divided
into three quantiles of equal duration and labelled
as Q1, Q2, and Q3. Mean f0 values in Q1 and Q2,
and the last available f0 value in Q3, were measured

2.3. Quantitative analyses

In order to probe the f0 trajectories observed
throughout IPU-final syllables, we fitted a series
of mixed-effects linear regression models using the
lmerTest package in R [8]. We also fitted a logistic
mixed-effects regression model to test the statistical
significance of IPU-final lexical tones on the occurrence of final devoicing.
3. RESULTS
3.1. Fundamental frequency

The histograms in Fig. 2 show distributions of the
last available speaker-normalized f0 values in the
last quantile of all IPU-final syllables (including
ones marked with M%), carrying H (left panel) and
L (right panel) tones. The left panel exhibits a nonunimodal, and more of a bimodal, distribution, while
the right panel is less clear. Such non-unimodal distributions suggest the influence of additional tonal
targets that may be attributed to intonational tones.
Fig. 3 shows the trajectory patterns of speakernormalized f0 values measured in each of the three
quantiles within IPU-final syllables for both lexical and intonational tones. The error bars (CI 95%)
were calculated using the "mean_cl_boot" function,
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and the difference between H and L tones seems to
be neutralized in the presence of L%, with considerable overlap.
To test the statistical significance of these patterns, we fitted a series of linear mixed effects models, predicting f0 in Q1, Q2, and Q3 separately for
each intonational tone. We included the lexical tones
of the IPU-final syllable and the preceding syllable
as fixed predictors, and speaker as a random intercept.
When the intonational tone is H%, f0 is lower in
the presence of a L tone in Q2 (β = -3.43, t = -7.308,
p < 0.001) and Q3 (β = -2.04, t = -2.832, p < 0.01).
Additionally, the lexical tone of the preceding syllable has significant effects in Q1 (β = -3.142, t =
-7.692, p < 0.001) and Q2 (β = -1.47, t = -4.303, p
< 0.001). The effect sizes show what appears to be
a local effect that weakens as the temporal distance
from the preceding syllable increases. These results
indicate that, when the intonational tone is H%, the
lexical tonal contrast is preserved in Q2 and Q3, despite significant coarticulatory effects from adjacent
tonal targets.
When the intonational tone is L%, L tones have
slightly lower f0 than H tones in Q2 (β = -1.188, t =
-3.09, p < 0.01), but not in Q3. The lexical tone
of the preceding syllable has a significant effect in
Q1 (β = -1.712, t = -4.056, p < 0.001), but not in
Q2. These results suggest that, when the intonational tone is L%, the lexical tonal contrast is preserved at least in Q2, and that it is effectively neutralized towards the end of the syllable.

Figure 2: Distribution of the last available
speaker-normalized f0 in the last quantile of all
IPU-final syllables (bin width = 1.5).

count
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which does not assume normality, in the R ggplot2
[12] package.
Figure 3: Trajectory patterns of speakernormalized average f0 values throughout target
IPU-final syllables.
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Recall from section 2.2 that devoicing was coded
when Praat failed to find any f0 value in the second half of the final syllable. Table 1 shows the occurrence of IPU-final devoicing organized by intonational tones and lexical tones.

Q2
Final
Q1
Q2
Final
Position within IPU−final syllable

While the overall trends show a substantial influence of intonational tones throughout the syllable,
the lexical tonal contrast appears to be preserved in
certain positions. Specifically, when followed by
H%, H tones have higher f0 values and L tones have
lower f0 values in Q2, compared to the values in Q1.
In contrast, when the intonational tone is L%, f0 is
not higher for H tones in Q2 compared to the values
in Q1, while L tones show a considerable drop in
f0 in the same position. Also, the contrast between
H and L tones in Q2 is less evident when followed
by L% as compared to when followed by H%. As
for Q3, the difference between H and L tones in the
presence of H% is smaller when compared to the
difference found in Q2, with some overlap observed;

Table 1: Occurrence of IPU-final devoicing

Devoiced: 119 IPUs

Intonational Tone

H%
L%

Lexical Tone
H
L
14
0
35
70

Further examination revealed that out of the 119
IPUs coded as devoiced, all 14 IPUs with H% end
in the vowel /i/, which suggests that there may be
an independent devoicing mechanism involving that
vowel. Therefore, we excluded all 34 IPUs with final devoiced /i/ from the analysis of devoicing, in-
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stantial influence in all quantiles throughout IPUfinal syllables, thereby impacting the overall f0 trajectory. Such global trends may be interpreted as
anticipatory coarticulation, in which speakers begin
approaching f0 targets associated with L% or H%
while during the production of lexical tones. Since
this pattern of tonal interaction becomes stronger as
the temporal distance from the intonational tones decreases, the pattern can be attributed to a local coarticulatory effect, rather than to coalescence of two
tones into a single tonal target. Lastly, the smaller
but nonetheless clear tonal contrasts preserved in Q3
in the presence of H% can be attributed to the carryover effect from the IPU-final L tones. In syllables
containing H%, therefore, the phonetic realizations
of lexical and intonational tones appear to be substantially blended in f0.
Together with the f0 trajectories observed
throughout the three quantiles, the results of the
mixed-effects linear regression models are indicative of sequential realization of lexical tones and
following intonational tones in IPU-final syllables.
That is, H and L tones exhibit contrastive trajectories
from Q1 to Q2, regardless of the following intonational tone, and this contrast is reduced towards the
end of the syllable, where intonational tones have
the strongest local effect, in addition to their global
effect throughout the final syllable.
Our results also indicate that the probability of
IPU-final devoicing significantly increases when a
L tone is present on an IPU-final syllable. Yet, together with the occurrence pattern reported in section 3.2, the results suggest that devoicing is likely
not a phonological phenomenon driven by the tonal
specification of phrase-final syllables, as a near categorical distribution would then be expected. In contrast, 28.24% of devoicing occurs with a H tone.
Taking the global and local effects of L% in IPUfinal syllables into consideration, one possible explanation is that IPU-final devoicing is closely related to low f0 values rather than to a specific tonal
specification. Since speakers of other languages
have been shown to use non-f0 cues to mark tonal
targets (e.g., [2] & [7]), it is possible that Lingala
speakers shift acoustic dimensions (i.e. from f0 to
voicing) to cue lexical tonal targets as they approach
the bottom limit of their f0 ranges. This and related
hypotheses require further investigation.

cluding 20 IPUs with L% (11 H and 9 L).
Eighty-five IPUs remained after removal of final
devoiced /i/, 61 IPUs with L tone on the last syllable and 24 IPUs with H tone. To test for statistical significance, we fitted a mixed effects logistic
regression model with the occurrence of devoicing
as a response variable, IPU-final lexical tone as a
fixed predictor, and speaker as a random intercept.
We found that lexical tone has a significant effect on
the occurrence of devoicing (β = 2.112, z = 6.549,
p < 0.001). Our observations suggest that final devoicing is not driven by some phonological condition tied to tonal specification, but rather indirectly
relates to low f0 targets, which are more frequent
with L tones in phrase-final position.
4. DISCUSSION AND CONCLUSION
In this paper, we investigated the phonetic realization of phrase-final lexical tones in different intonational contexts in a corpus of read speech in Kinshasa Lingala. Our focus was on whether lexical
tonal contrasts are preserved in this position. Our
results indicate that the two-way lexical contrast is
preserved in different phrase-final intonational contexts despite substantial coarticulatory pressure from
adjacent tonal targets (i.e. preceding lexical tones
and following intonational tones). The contrast is
most prominent in Q2 of the last syllable of the target IPUs. While the tonal contrast is preserved in Q3
when followed by H%, the difference in f0 values is
smaller than in Q2. Interestingly, when the intonational tone is L%, the lexical contrast appears to be
preserved in Q2, though less robustly compared to
H%, and neutralized in Q3 with substantial overlap
of f0. That is, we observe distinct context-dependent
patterns of preservation and possible neutralization
of lexical tones in different location within the same
phrase-final syllable, presumably driven by the same
type of tonal target (i.e. intonational tone). The
preservation of the lexical tonal contrast cannot be
attributed to either the coalescence or the submission
pattern, where we would expect a non-contrastive f0
trajectory to emerge for each intonational tone.
Our results also indicate distinctive directionalities of influence from preceding lexical tones and
following intonational tones on the realization of
phrase-final lexical tones. Preceding lexical tones
have their strongest effect in Q1, but the effect
weakens throughout the rest of the syllable, such
that it is non-significant in Q3. This pattern may
be attributed to a carry-over coarticulatory effect,
which affects the realization of a following tone.
On the other hand, intonational tones have a sub-
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ABSTRACT
This study reports a preliminary model of the
intonational phonology of Ikpana, an endangered
Ghana-Togo Mountain language spoken in Ghana.
Based on analysis of like-tone sentences collected
from three speakers through fieldwork in Ghana, I
propose that Ikpana has three prosodic units: the
prosodic word (PW), the intermediate phrase (ip), and
the Intonational Phrase (IP). The PW is marked by an
F0 rise at the right edge of a word, referred to as
upsweep (H), while the ip is marked by final lowering
on its right edge (L-) and pitch reset. The IP is marked
by a pause, boundary tones (L% and H%), and final
lengthening. It is also the domain of vowel hiatus
resolution, where the vowel on the left is either
deleted or reduced unless there is an intervening IP
boundary. The model neatly predicts the interactions
of the cues marking each prosodic unit.
Keywords: intonation, tone, final lowering,
autosegmental-metrical, fieldwork, Ikpana
1. INTRODUCTION
Ikpana is an under-documented Kwa language
spoken by roughly 7,500 speakers in the Logba area
in Ghana’s Volta Region. It is an SVO language with
a noun class system, and adjectives and
demonstratives follow the head noun. Although a
grammar and dictionary are provided by [7], little is
known about its suprasegmental properties. This
study thus provides the first analysis of intonation in
Ikpana.
Ikpana has lexical tones as its word-level prosody.
This study follows [7], who recognizes two level
tones: High (H) and Low (L), and the existence of
tonally-unmarked syllables. The tonally-unmarked
syllables typically (but not always) appear as a noun
class marker, and they are not as frequent as H- and
L-tone syllables in roots.
The goal of the current study is to provide a
preliminary model of Ikpana intonation within the
Autosegmental-Metrical (AM) framework of
intonation [3, 9, 12]. Specifically, I propose that
Ikpana has three prosodic units: the prosodic word
(PW), the intermediate phrase (ip), and the
Intonational Phrase (IP), and discuss how each unit is
marked by an edge tone, and how this is related to the
domain of vowel hiatus resolution.
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2. METHODS
2.1. Materials/data

The analysis is based on data elicited from three
native speakers (two males and one female): M1 (70s),
M2 (70s), and F1 (50s) during a six-week fieldwork
trip to Ghana, conducted in the summer of 2018.
To observe the effect of F0 at the postlexical level,
I constructed 48 like-tone simple (mono-clausal)
declaratives, which consist of either only lexical H
tones (28 sentences) or only lexical L tones (20
sentences). This excludes the subject agreement
marker, which is assumed to be tonally-unmarked in
the present tense, and the adverb kpanɛ “now”, whose
first and second syllables are H and tonally-unmarked,
respectively. The adverb is used in a small subset of
both H-tone and L-tone sentences because no adverbs
could be identified that consist of either only H or L
tones. In addition, M1’s pronunciation of 30 complex
(bi-clausal) declaratives, which are also tonallycontrolled, is used to identify the IP cues. All the
sentences are in the present tense, and their
grammaticality was confirmed by the speakers. The
sentences vary in length and syntactic structure in
order to determine whether these factors affect
prosodic phrasing.
The sentences were randomized and presented in
both Ikpana and English on a computer screen, one
after another. The English versions of the sentences
were provided to avoid misreading, since there are a
number of tonal minimal pairs in Ikpana. The
speakers were asked to produce each sentence in two
speech styles (careful and natural speech) with a
neutral focus. Each sentence was repeated three times.
2.2. Analysis procedure

The recordings have been analyzed in Praat [4] on
four tiers: lexical tones, Ikpana words, English gloss
of each Ikpana word, and the English translation of
the sentence. The vowels deleted in hiatus resolution
are enclosed in parentheses, while reduced vowels are
enclosed in square brackets in the Ikpana words tier.
3. IKPANA INTONATION MODEL
I propose that Ikpana has three prosodic units marked
by intonation: PW, ip, and IP. The PW is marked by

3.1. Prosodic word (PW): upsweep

A PW is marked by an F0 rise on its right edge, which
occurs in both H-tone and L-tone sequences. [10]
observes a similar phenomenon in Baule, where
sequences of H tones are marked by a gradual F0 rise
over the PW. The authors call this “upsweep” and
refer to the F0 peak at the right edge as Super-High.
Furthermore, they mention that there is an alternative
variant of upsweep, where only the final H tone in the
PW is raised, while the preceding tones remain flat.
The upsweep pattern in Ikpana is similar to this
variant in Baule, raising only the right-edge tone.
Figure 1 shows the average F0 values of a H-tone
noun imunyi “hair”, which appears as an object of Htone verb ri “hold” in the data. The values are based
on the three repetitions of 12 different all-H sentences,
in which the target noun is always followed by an
adjective bibi “a little”, forming an NP. Solid lines
represent F0 values in natural speech, while dotted
lines represent those in careful speech. The first
syllable of the noun in natural speech is missing
because, in natural speech, the vowel of the verb ri is
deleted before the noun-initial vowel [i] due to vowel
hiatus, and the initial vowel [i] of the noun imunyi is
re-syllabified as the nucleus of the verb, i.e., r[i].

tone verb nɛ “hold”. The values are based on the three
repetitions of eight different all-L sentences, in which
the target noun is always followed by an adjective
vuvɔ “new”, forming an NP. Again, the first syllable
is missing in natural speech due to vowel hiatus. The
F0 values of the final syllable are significantly higher
than those of the second syllable for the male speakers
(p < .001 for both natural and careful speech), while
there is no significant difference for the female
speaker F1 (p = .165 for natural speech and p = .101
for careful speech). It should be noted, however, that
the first syllable is also higher than the second
syllable. This illustrates that H-tone sequences tend to
maintain flat F0 values, while L-tone sequences tend
to fall gradually, which is also observed in other
languages such as Mambila [6] and Ibibio [13].
Considering this, the female speaker’s results are not
unexpected, and should not be interpreted as a lack of
upsweep.
Figure 2: Average F0 values of a L-tone word azayi
“beans”.

F0 (Hz)

an F0 rise on its right edge (H). The ip is marked by
the final lowering of F0 on its right edge (L-) and
pitch reset. The IP is marked by a pause, boundary
tones (L% and H%), and final lengthening. It is also
the domain of vowel hiatus resolution.
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Figure 1: Average F0 values of a H-tone word imunyi
“hair”. (solid line: natural speech, dotted line: careful
speech)
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Figure 3: Average F0 values of a H-tone phrase, “a small
tree”, consisting of ɔyɔ “a tree” and bibi “small”.

F1 (natural)
80

yi

Upsweep is also observed in adjectives, as long as
the adjective is not in a phrase-final position. Figure
3 shows the average F0 values of a H-tone phrase
consisting of ɔyɔ “a tree” and bibi “small”. The values
are based on the three repetitions of six all-H
sentences, in which the phrase is followed by one of
two H-tone postpositions (etsi “under” or otsu “on top
of”), forming a postpositional phrase (PP).

F1 (careful)

A linear regression per individual speaker indicates
that the F0 values of the final syllable are higher than
those of the second syllable, in both natural and
careful speech (p < .01 for F1’s natural speech and p
< .001 for F1’s careful speech and the other speakers’
natural and careful speech).
Figure 2 shows the average F0 values of a L-tone
word azayi “beans”, which appears as an object of L-
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There appears to be a difference between the male
speakers and the female speaker: M1 and M2 exhibit
an F0 rise at the end of each word, while F1 exhibits
an F0 rise over the first three syllables of the phrase.
It is possible that the F0 peak in F1’s speech is
delayed to the third syllable due to her speech rate
being faster than those of the other speakers, and that
the lower F0 on her final syllable is due to
coarticulation to the following tone, which is lower as
it is a word-initial H tone. This coarticulation effect is
also observed in M1’s natural speech.
The upsweep pattern is clearer in a L-tone phrase
consisting of ɔyɔ “a grave” and vuvɔ “new”, as shown
in Figure 4. The values are based on the three
repetitions of four all-L sentences, in which the
phrase is followed by a L-tone postposition nu “in”,
forming a PP. As is clear from the figure, the second
syllable of each word is raised.
Figure 4: Average F0 values of a L tone phrase, “a new
grave”, consisting of ɔyɔ “a grave” and vuvɔ “new”.
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Figure 5: Sample pitch track showing ip-final lowering
(L-), marked by a downward arrow.

The ip generally corresponds to a lexical maximal
projection (XP), so final lowering is often observed at
the right edge of both subject and object NPs.
However, the syntactic constituency does not suffice
to capture the environment in which final lowering
occurs. For example, an object NP does not exhibit
final lowering when it consists only of a noun, and is
followed by a shorter postpositional phrase, as in
Figure 6. This suggests that phonological factors also
play a role in determining the ip domain.
Figure 6: Sample pitch track showing a lack of final
lowering when the object NP consists only of a noun.

F1 (natural)

60

subject NP uma “the mother” is also subject to final
lowering here, since the second vowel is deleted at
vowel hiatus.

F1 (careful)

Overall, it is found that the Ikpana PW is marked
by an F0 rise on its right edge, which is observed in
nouns and adjectives. Regarding verbs, H-tone verbs
exhibit a similar upsweep pattern, while L-tone verbs
exhibit a more complex pattern: the F0 tends to rise
in monosyllabic verbs, whereas it falls in disyllabic
verbs. More work need be conducted to understand
the phrasal tone pattern of Ikpana verbs.
3.2. Intermediate phrase (ip)

3.3. Intonational Phrase (IP)

3.2.1. Final lowering and pitch reset

3.3.1. Pause, boundary tones, and final lengthening

An ip is marked by phrase-final lowering (L-). In
Figure 5, ip-final lowering is observed on the last
syllable of the first instance of bibi “a little”, which
appears at the right edge of the object NP. It should also
be noted that the pitch range is reset at the ip boundary.
Final lowering is also observed on the last syllable of
otsu “on top of”, but it is analyzed as a L% boundary
tone, which usually exhibits a greater degree of lowering
than an ip-final L- boundary tone, as it marks the
sentence-final IP boundary. It is unclear whether the

An IP is marked by a pause, which frequently occurs
at a syntactic boundary. For example, it is possible to
insert a pause (i.e., an IP boundary) into a location
which otherwise has an ip boundary. When there is a
pause, a boundary tone (L% or H%) appears, which
overrides an ip-final L- tone, and the pitch range is
reset, as in Figure 7. Furthermore, a sentence-medial
IP boundary is often marked by final lengthening: it
can be considered as a continuation marker, as it only
occurs sentence-medially rather than sentence-finally.
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Figure 7: Sample pitch track showing a sentence-medial
IP boundary (‘#’) in an all-L sentence.

when the clauses appear in that order, the right edge
of the subordinate clause is marked by a H%
boundary tone. This is considered as a continuation
rise, as it is a common marker of sentence-medial IP
edges in African tone languages [8].
3.3.2. Vowel hiatus

The visibility of final lowering (L- and L%) is
influenced by the tonal context of the phrase-final
word. The sentence in Figure 8 has the adjective bibi
“a little” in the sentence-final IP position. Here, the
effect of the final lowering is clear because the initial
tone remains high due to the preceding upsweep on
the noun. On the other hand, the sentence in Figure 9
ends with the noun imunyi “hair”, and the final tone
does not appear to be falling. This is probably a result
of the penultimate tone of the three-syllable noun not
being raised due to its non-finality in the PW. In this
case, the effect of final lowering is indicated by the
lack of upsweep on the noun.
Figure 8: Sample pitch track showing final lowering when
the sentence ends with an adjective.

Figure 9: Sample pitch track showing final lowering when
the sentence ends with a noun.

Some complex sentences require an obligatory
pause. For example, sentences that involve an “if”clause involve the main and subordinate clauses being
separated by an obligatory pause, if the subordinate
clause precedes the main clause. Furthermore, only
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Since nouns are often preceded by a vowel class
marker and verbs are often prefixed by a vowel
subject agreement marker, vowel hiatus abounds in
Ikpana sentences. As a strategy to resolve the hiatus,
one of the adjacent vowels (usually the left one in the
data) is either deleted or reduced. I analyze this
reduction as an incomplete realization of deletion,
because the phonetic realization of the reduced vowel
is not a glide, which is a common resolution strategy
cross-linguistically [5].
Crucially, hiatus resolution is limited by the
presence or absence of a pause, i.e., an intervening IP
boundary. Specifically, hiatus resolution does not
occur when there is an IP boundary between the two
vowels, but almost always occurs when there is no
intervening IP boundary, as in (1).
(1) V → ∅ / […__ V…]IP
4. DISCUSSION AND CONCLUSION
This study investigated the types of prosodic units
that exist in Ikpana, how each prosodic unit is marked
by intonation, and how they interact with the domain
of segmental phonological rules. It was found that
Ikpana has a PW, an ip, and an IP, and only the IP is
the domain of vowel hiatus resolution. A PW is
marked by upsweep (H), an ip is marked by final
lowering (L-) and pitch reset, and an IP is marked by
a pause, boundary tones (L% or H%), and final
lengthening.
This model neatly predicts how these prosodic
cues interact with each other. Specifically, the effect
of upsweep (H) is overridden by that of ip-final
lowering (L-) in the ip-final position, and the effect of
ip-final lowering is overridden by that of IP-final
boundary tone (L% or H%) in the IP-final position. In
addition, if an ip boundary occurs at a point of vowel
hiatus, the lowered syllable is reduced to avoid hiatus.
This is because vowel hiatus resolution happens
across an ip boundary, which is different from the
case in some other languages, such as Greek [1, 2]
and Uyghur [11], whose domain of vowel hiatus
resolution is the ip boundary.
Finally, other sentence types (e.g., interrogatives)
and focus prosody should be examined to establish a
more comprehensive model of Ikpana intonational
phonology.
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viable alternatives are the bitonal pitch accent and
a pitch accent followed by a phrasal boundary tone.
Interestingly, [10] did not consider the possibility of
these tones as monotonal L*/H* pitch accents. In at
least one discussion of Urdu intonation, [12] interpreted the low F0 on stressed syllables as L*. He also
reported the occurrence of H* when the last syllable
in a word was stressed. However, it was beyond the
scope of [12] to determine the precise nature of those
pitch accents, so the issue remains unresolved.
An alternative proposal regarding the interpretation of these tones was forwarded by [6] who claimed
that Urdu/Hindi is an intonational ‘Phrase language‘.
She claims that the L and the H tones in the default LH contour mark prosodic phrase boundaries
on the left and right edges respectively. [6]’s argument is based on the observation that lexical stress in
Urdu/Hindi is not systematically perceived by native
speakers and may not be used to explain the nature
of tones. To probe this issue further, an overview of
studies regarding the realization of lexical stress in
Urdu/Hindi is presented in the following section.

ABSTRACT
This research investigates the nature of the LH intonation contour in Urdu/Hindi as pitch accents
vs. phrasal tones. Data from a production experiment and a speech corpus was used to analyze if the
tones aligned with the lexically stressed syllables or
word edges in nouns with one, two, and three syllables. The results indicate that the stress based account predicts the alignment of low tone only in bisyllabic words. But in trisyllabic words, the low tone
prefers to align with the left word edge than with the
stressed syllables. The high tone prefers to align with
the edge of the target noun (phrase) and not with the
stressed syllable. Therefore, it is proposed that the
LH tones in Urdu/Hindi are phrase boundary tones
and occur at the edges of phrases. This provides evidence for [6]’s claim that Urdu/Hindi is an intonational ‘Phrase language’ and the LH tones mark the
left and right edges of a phrase respectively.
Keywords: intonation, LH contour, intonation
phrase languages, Urdu, Hindi

1.1. Lexical stress in Urdu/Hindi

1. INTRODUCTION & LITERATURE
REVIEW

The issue of lexical stress in Urdu/Hindi is not uncontroversial. In his investigation of the acoustic correlates of lexical stress, [5] found that focus
played a major role in the production of stress in
Hindi/Urdu. In fact, if the data produced in the focused context were removed from his findings, it
could be argued that there was no effect of stress on
the F0 and duration of target syllables. Moreover,
he found that Hindi speakers’ perception of stressed
syllables was barely above chance. This is in line
with [19] who reported that the native speakers of
Hindi could not reliably identify the location of lexical stress in polysyllabic words. Furthermore, [18]
showed that the production of lexical stress in Hindi
varied among words in isolation as compared with
the same words produced in carrier phrases.
However, other attempts have resulted in an algorithm to identify lexical stress in Urdu/Hindi. [11]
pointed out that all the earlier reports of lexical stress
in Hindi relied heavily on the mora structure of the
last syllable in a word. Advancing this discussion

The default intonation contour in Urdu/Hindi is a
series of LH contours [10, 17, 20]. The final tone
at the end of a sentence varies according to modality. Declaratives have a low falling tone (L%) [20]
whereas the polar questions generally have a high
rising (H%) boundary tone [2]. There have been a
lot of studies on Urdu/Hindi intonation aiming to investigate the prosodic hierarchy and its interaction
with syntax and pragmatics [4, 6, 7, 8, 9, 10, 14, 17].
However, there is lack of agreement about the interpretation of the basic LH contour. [10] poses questions about the precise interpretation of these low and
high tones. He himself does not reach a definitive
conclusion and sets out three possible ways of interpreting this contour: an accentual phrase with a lexically specified LH contour, L* pitch accent followed
by an H- phrase boundary, and a bitonal L*+H/L+H*
pitch accent. As there is no evidence in existing literature to indicate that the tones in Urdu/Hindi are
lexically specified, this analysis is ruled out . The
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further, [12] proposed a mora-based algorithm to
identify the position of lexical stress in Urdu. According to him, the first syllable with a (super) heavy
mora on the right edge of a word is stressed. He also
proposed that the first mora on the right is extrametrical. If a word has only light syllables, the initial
syllable is stressed. He also showed that the stressed
syllables have longer vowel duration and lower F0
in Urdu. As [12]’s is the only account combining the
algorithm to determine the position of lexical stress
and its acoustic correlates in Urdu/Hindi, we here use
his algorithm to determine the lexically stressed syllables in our data and investigate if any of the low
and high tones align with this syllable.

For the experiment, 10 monosyllabic, 10 bisyllabic,
and 10 trisyllabic proper nouns were placed in the
phrase ‘— was speaking.’. The monosyllabic nouns
were CVC as it is not possible to have monosyllabic
proper nouns with CV structure in Urdu. All the
syllables in both bisyllabic and trisyllabic words,
however, were CV. The last vowel in bisyllabic and
trisyllabic words was always /a/. The first syllable in
bisyllabic words and the second in trisyllabic words
was stressed. Henceforth, the location of stress is
indicated by ‘*’ at the beginning of the syllable. An
example of the target sentences is given below.
3a. ma:n bol raha t̪ h a
3b. *ma.la bol rahi t̪ h i
3c. sa.*ri.na bol rahi t̪ h i

1.2. Research questions

The selection of participants for the experiment
was based on convenient sampling and two female
speakers of Urdu living in Konstanz were recorded.
Each speaker was recorded three times and each session was separated by at least one day. In total, 180
tokens were analyzed for this experiment.
From the corpus, I used 4 monosyllabic and 5
bisyllabic nouns followed by a monosyllabic case
marker (km) as well as 5 trisyllabic nouns without
a case marker. The monosyllabic nouns were CVC
and the syllables in the bisyllabic nouns were CV
with lexical stress on the first syllable. All the three
syllables in trisyllabic nouns were also CV and the
second syllable was stressed. Thus the syllabic structure and the stress pattern of target words in the experiment and the corpus were directly comparable.
As [14] have shown that focus type affects the alignment of H tone in Urdu/Hindi, all the target nouns
in the corpus were produced in broad focus. The
participants were shown target sentences on a PowerPoint slide and asked to pronounce them as naturally as possible. 20 speakers’s data was taken from
the corpus. Not all speakers provided data points
in each syllable category but there was considerable
overlap. All the speakers were educated multilingual
Pakistanis and spoke Urdu, English, and at least one
regional language from Pakistan. The participants’
age ranged between 19 - 40 years. They were paid
a small remuneration for participating in the recording. The participants of the experiment had not participated in data collection for the corpus. A total of
331 tokens were analyzed from the corpus.

The labeling of tones in the Autosegmental Metrical framework of intonation is largely based on the
alignment of accent with lexical stress. Therefore, it
is interesting to investigate if the L and H tones in
Urdu/Hindi align with the stressed syllable. Based
on the proposals presented by [10] and [6], the current study aims to investigate the following:
1. Does one of the tones in the LH contour align
with the lexically stressed syllable in a word?
(a) If so, how is this tone associated with the
other tone in the LH contour?
2. If these tones do not align with the stressed syllable, do they align with phrase boundaries?
If one of these tones does align with the stressed syllable, it will be interpreted as a pitch accent. This
will further help to interpret the unstarred tone as
either a part of the bitonal pitch accent or a phrase
boundary tone. However, if the LH tones mark
phrase boundaries, as suggested by [6], it is expected
that the tones will not necessarily align with the
stressed syllable. Moreover, if they are boundary
tones, the distance between L and H tones will be
affected by word duration and the distance between
tones and the left and right word boundaries will be
relatively constant [15]. To investigate the alignment
of L and H tones, we used data from a small experiment carried out in very controlled segmental environment and compared its results with the data from
a larger corpus of declarative Urdu sentences. In the
following sections, we report the results to interpret
the LH intonation contour in Urdu/Hindi.
2. EXPERIMENT

2.2. Data Analysis

The data from the experiment was analyzed using
PRAAT [3]. The target words were labelled manually to mark syllable boundaries. A Praat script was
used to measure the F0 minima and maxima and their

2.1. Material & participants

In both the experiment and the corpus, the target
words were placed at the sentence initial position.
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timing in the target nouns in the experiment. Only
the F0 minima preceding the high tone was measured
to ensure that the script extracted values for only the
LH contour in the target nouns. The measurement
points were manually corrected when the algorithm’s
measurements were affected by microprosody. The
script also measured the beginning, end, and the duration of target nouns.
To extract data from the corpus, target words were
labelled manually. When the LH contour was realized over the noun and the following case marker, the
duration of the full noun phrase was measured. Local minima and maxima were marked manually in
the target NP to label L and H tones. While labeling tones, microprosodic perturbations were taken
into account and the tones were not marked on nonsonorant segments. In order to determine the effect
of word duration, the duration of the NP as well as
its beginning and end were measured.
For statistical analysis, separate Linear Mixed Effects Regression models were run for the data from
the corpus and the experiment using ‘lme4’ [1] and
‘lmer’ [16] packages in R [21]. The number of syllables were added as a fixed factor and the speakers
and items were added as random effects.

Table 1: Percentage of the alignment of tones in
nouns in the experiment.

Syl.
Bisyllable
Trisyllable

T.
L
H
L
H

1st syl.
*100
*4
85
0

2nd syl.
0
96
*15
*0

3rd syl.
0
100

of the word shows a similar pattern. The high tone
in monosyllabic words occurs slightly nearer to the
right edge (µ: 9ms, SE: 0.007) than the F0 peak in bisyllabic (β: 2ms, SE = 0.007, t.ratio = 2.9, p = 0.008)
and trisyllabic words (β: 2ms, SE = 0.007, t.ratio =
2, p = 0.004). There is no difference in the alignment
of high tone in words with two and three syllables.
Moreover, the distance between tones increases
with the number of syllables. The distance between
L and H in monosyllables (µ: 162ms, SE: 0.03) is
narrower than the distance in bisyllabic (β: -8ms, SE
= 0.01, t.ratio = -6, p < 0.0001) and trisyllabic nouns
(β: -20ms, SE = 0.01, t.ratio = -16, p < 0.0001). The
distance between low and high tones in bisyllabic
nouns is narrower than the distance between tones
in trisyllabic nouns (β: -119ms, SE = 0.01, t.ratio =
-9, p < 0.0001).

3. RESULTS
3.1. Experiment

3.2. Corpus study

The analysis of monosyllables showed a regular pattern as both the low and high tone were realized
within the target noun. The alignment of tones in
bisyllabic nouns is also fairly regular (Table 1). The
low tone aligns with the first (stressed) syllable while
the high tone mainly aligns with the final syllable,
the end of the noun. There are a few instances of high
tone aligning with the stressed syllable but this appears to be an exception from the norm. In trisyllabic
nouns, the high tone never aligns with the stressed
syllable and instead is realized on the last syllable.
The low tone in this context frequently aligns with
the first syllable and rarely with the stressed syllable. Thus the overall pattern in both bisyllabic and
trisyllabic nouns is the alignment of low and high
tones with left and right word edges respectively.
The statistical analysis of the alignment of tones
from the left edge of the word shows interesting results. In monosyllabic nouns, the alignment of low
tone from the left edge is slightly later (µ: 163ms,
SE: 0.02) than the bisyllabic nouns but the difference
is barely significant (β: 03ms, SE = 0.01, t.ratio = 2,
p = 0.04). There is no difference in the alignment of
low tone in words with two and three syllables.
The alignment of high tone from the right edge

The analysis showed that the LH contour was frequently realized over the entire NP (noun+km) with
L at the beginning and the H at the end of the NP. In
the monosyllabic nouns, the L tone always aligned
with the beginning of the noun and the H was always realized on the km. Thus, it was not the noun
but the entire NP that carried the default LH contour. It could be argued that the H aligns with the
case marker in order to avoid tonal crowding on
the noun. However, as shown in the production of
monosyllabic nouns in the experiment above, the
entire LH contour can be realized on a monosyllabic noun when the noun is not followed by a case
marker. Therefore the alignment of H tone with the
case marker is not motivated by tonal crowding.
The pattern of alignment in bisyllabic and trisyllabic nouns is shown in Table 2. In the bisyllabic
nouns, the L tone predominantly aligned with the
stressed first syllable and the H aligned mostly with
the case marker, the edge of the NP. Interestingly,
the alignment of L with the second syllable never
coincided with the alignment of H on the same syllable. The unstressed second syllable could occasionally carry the L or the H tone but mostly, the F0 on
this syllable was the interpolation between the pre-
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ceding L and the following H.
In the trisyllabic nouns, the L tone aligned overwhelmingly with the first syllable of the noun but
very infrequently with the lexically stressed second
syllable. Moreover, the H tone rarely aligned with
the stressed syllable and preferred to attach with the
last syllable of the word.

data from the experiment and the corpus. The results of the experiment show that there is no significant difference in the alignment of H in bisyllabic
(µ: 73ms) and trisyllabic words (µ: 72ms). In the
corpus data, on the other hand, there is no significant difference in the alignment of high tone in words
with one (µ: 118ms) and two syllables (µ: 140ms).
These results show that while the alignment of low
tone remains stable to mark the left edge of the target words, the alignment of high tones from the right
edge is not fixed. Although, it is clear that the more
the number of syllables, the later the high tone is realized in the target word. The variability in H alignment is in line with the findings of [13] who showed
that Urdu speakers accepted as equally natural words
with variable F0 peak alignment in narrow and corrective focus. Our results indicate that Urdu speakers are not fastidious in the alignment of high tones
in wide focus either.

Table 2: Percentage of the alignment of tones in
the corpus data.

Syl.
Bisyllable
Trisyllable

T.
L
H
L
H

1st syl.
*96
*0
89
0

2nd syl.
4
7
*11
*3

3rd syl.
0
97

Km
0
93
-

The results of the regression analysis show that the
alignment of low tone from the left edge is not significantly affected by the number of syllables in the
target words. The distance of H tone from the right
edge of the NP, however, varies on the basis of syllable count. The high tone in trisyllables is aligned
nearer to the right edge (µ: 03ms, SE: 0.01) as compared with the high tone in monosyllables (β: -08ms,
SE = 0.02, t.ratio = 3, p = 0.003) and bisyllables (β:
106ms, SE = 0.01, t.ratio = 5, p < 0.0001). The difference between the alignment of F0 peaks from the
right edge in words with one and two syllables does
not reach significance.
Moreover, the temporal distance between the low
and high tones is narrower in monosyllabic words
(µ: 179ms, SE = 0.02) as compared with the distance between these tones in NPs with two syllables
(β: -105ms, SE = 0.02, t.ratio = -3, p < 0.001) and
trisyllabic NPs (β: -137ms, SE = 0.02, t.ratio = -6,
p < 0.0001). The difference between NPs with two
and three syllables fails to reach significance.

4. DISCUSSION & CONCLUSION
The results of this study show that the alignment of
tones in the data collected in a controlled segmental
environment in the experiment is similar to the tonal
alignment in a varied context from the corpus. The
pattern of the alignment of tones is robust enough to
remain unaffected by the segmental context.
These findings also show that the stress based account of intonation in Urdu/Hindi could not predict
the alignment of low tone in trisyllabic nouns as the
L and H tones are only occasionally realized on the
stressed syllable. This is in line with the data shown
in [10]. Figures 7-10 in [10] show variable association of tones with the first or second (stressed)
syllables in trisyllabic words. The data reported in
this research supports an analysis of these tones as
phrase boundary tones as proposed by [6]. However,
it should be kept in mind that this analysis is based
only on noun phrases. It remains to be seen if this
pattern is verified in other types of phrases as well.
These findings indicate that the conventional concept of labeling phonological tones with reference to
their alignment to and around the stressed syllable
is not useful for Urdu/Hindi. This research also adds
to the discussion about the intonational typology and
provides further evidence for the claim that apart
from the existing types of pitch accent, tone, and intonation languages, there is another type namely, the
‘phrase languages’.

3.3. LH as phrase boundary tones

As explained earlier, if the LH tones are phrase
boundary tones, their temporal alignment should be
affected by word duration and they should be placed
at a fixed distance from the phrase edges [15]. The
results of both the experiment and the corpus data
show this to be true for the alignment of low tone in
bisyllabic and trisyllabic nouns. The deviation from
this pattern found in monosyllabic nouns could be
explained by the fact that both the low and the high
tones needed to be realized on the exact same syllable, so their pattern of alignment varies from words
with two and three syllables. The alignment of high
tone from the right edge shows variation between the
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ABSTRACT
Our contribution addresses the intonation of presentday Bulgarian Judeo-Spanish. Based on recordings
of narrative interviews, conducted with four JudeoSpanish-Bulgarian bilinguals and four Bulgarian
monolinguals (all females; ages: 79–88), we show
that, in Bulgarian, both speaker groups use considerably higher F0 maxima, a wider pitch range and a
more variable pitch as compared to the realizations
in Judeo-Spanish. Furthermore, the Bulgarian data
present shorter pauses and longer IPs. Our autosegmental-metrical analysis reveals that the bilinguals
use the same inventory of underlying tonal targets in
both languages; differences between the data sets
refer to the use of the same pitch accents and boundary tones, but not to different repertoires.
Keywords: intonation, bilingualism, Judeo-Spanish,
Bulgarian, spontaneous speech.
1. INTRODUCTION
Judeo-Spanish (JUSPA) refers to the varieties of
Spanish spoken by the Sephardic Jews in their new
areas of settlement (mostly in the former Ottoman
Empire) after their expulsion from Spain in 1492.
From the 15th c. onwards, it developed independently from other Spanish varieties, entering in contact
with the respective surrounding languages. The Bulgarian variety of JUSPA is still spoken by about
250–300 native speakers at maximum, the youngest
of whom were born in the 1960ies. All speakers are
bilingual and dominant in Bulgarian (BULG). The
use of JUSPA is nowadays restricted to informal
communication within the community ([1]). An
important area of interaction in JUSPA is the Club
ladino, founded in Sofia in 1998, where the speakers
meet on a regular basis to practice their language.
Apart from some remarks included in general descriptions, the literature on JUSPA phonology is
sparse and mainly focuses on varieties spoken outside Bulgaria, e.g. in Morocco ([2]) and Turkey ([3],
[4], [5]). The only comprehensive study on Bulgarian JUSPA phonology is [6], which patterns with the
aforementioned studies in that it focuses on segmental features. As for intonation, [7] argue that the
main F0 contours of İstanbul JUSPA do not differ
substantially from those of Peninsular Spanish and
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that intonational transfer to Turkish is typical of
bilingual Turkish-JUSPA language use.
Recent studies showed that BULG-JUSPA bilinguals transfer the feature of vowel raising from their
dominant to their weaker language, though to different degrees depending on the variety of BULG acquired in early childhood ([8]). As shown in [9],
vowel raising is mirrored in speech rhythm, in that
JUSPA and BULG_b(ilingual) are situated between
BULG_m(onolingual) and Peninsular Spanish regarding the variability of vocalic intervals. The authors argue that Sofian JUSPA has converged with
BULG at the rhythmic level, thereby conceiving the
term of convergence as a bidirectional type of crosslinguistic influence ([10]). Concerning intonation,
[11] showed that bilinguals use the same pitch accent types in their reading pronunciation of both
JUSPA and BULG. Based on a rating experiment
they also showed that the bilinguals were not perceived as different from same-aged monolingual
speakers of Sofian BULG, which they interpreted as
a signal of prosodic convergence of the two languages spoken by the bilinguals.
We concentrate on the intonation of both of the
languages spoken by mature BULG-JUSPA bilinguals and aim to examine whether JUSPA and
BULG have converged at the intonational level to
the same extent in spontaneous speech as was shown
in [11] for read speech. In Section 2, we outline the
methodology, before presenting the results (Section
3) and discussing them in the context of contactinduced language change (Section 4).
2. METHODOLOGY
To answer the question of whether convergence with
BULG shows up in JUSPA spontaneous speech to
the same extent as was found for read speech, we
created a corpus consisting of extracts from semifocused narrative interviews; speakers were asked to
speak freely about their lives. The recordings with
the JUSPA-BULG bilinguals were made in Sofia in
2011 (four females, 80–88); the monolingual BULG
control group (four females, 79–86) was recorded in
2016. We recorded the bilinguals in JUSPA and
BULG(_b), the monolinguals only in BULG(_m).
For the present study, we analyzed extracts of these
recordings; the net amount of speaking time for each
speaker, excluding pauses, is given in Table 1.

Table 1: Material analyzed per speaker (seconds).
BULG_m
BULG_b
JUSPA

SP1

SP2

SP3

SP4

Total

151.39
160.74
176.84

169.51
74.62
179.72

169.14
82.09
184.85

154.77
148.26
198.06

644.81
465.71
739.47

The bilinguals were born in different cities (Kjustendil, Pazardžik, Kazanlăk, Karnobat); they are native
speakers of JUSPA who regularly used this language
in private situations during childhood. BULG became dominant when they moved to Sofia for study
purposes between 1947 and 1950. Regarding their
pronunciation in BULG, all subjects display the
features typical of the capital; the bilinguals are not
perceived as different from the monolinguals ([11]).
Two of the monolinguals had spent all their lifetime
in Sofia; the other two had moved there in early
childhood. All subjects hold an academic degree.
First, we manually marked syllable and intonation phrase (IP) boundaries and prominent syllables
using Praat ([12]; Figure 1). According to [13], F0
values can be attributed to two partially related but
distinct characteristics of a speaker’s performance:
(a) pitch level, i.e. the overall height of the voice,
and (b) pitch span, i.e. the range of frequencies covered by the speaker. Praat scripts were used to extract F0 values; irregular voiced stretches of speech
caused by laryngealization were excluded from further analyses. The following long-term distributional
(LTD) measures were calculated per IP: mean and
median F0 values (Hz) for level, and minimum and
maximum F0 for span (Hz). Pitch range measurements were calculated in semitones by means of the
formula 39.863 * log10(maximum/minimum) ([14]).
Figure 1: Data labeling. Tier 1: tonal landmarks,
tier 2: ToBI labels; tier 3: syllable boundaries and
prominent syllables; tier 4: IPs and pauses (p); tier
5: orthographic transcription (here: JUSPA).

The measure describing the variation of the F0 distribution is the standard deviation (SD; in Hz). Additionally, the mean duration of IPs and pauses as well
as mean syllable duration per IP was measured.
First, we provide a phonetic description of the F0
contours, following [15], [16]. This approach distinguishes between tonal landmarks (local F0 maxi3828

ma/minima) associated with prominent vs nonprominent syllables and initial vs non-initial peaks.
Every tonal landmark was identified auditorily and
visually. Local maxima (H) and minima (L) were
labeled as H*/L*, if aligned with a stressed syllable,
and as H/L, if aligned with an unstressed syllable.
Initial and final landmarks were labeled separately;
the phrase-initial/final lows were labeled as IL/FL;
phrase-initial/final highs as IH/FH (tier 1, Figure 1).
In a next step, we labeled the relevant F0 movements according to the ToBI labeling conventions
([17]), based on the repertoires of pitch accents and
boundary tones proposed in [18] for Spanish and
[19]–[22] for Sofian Bulgarian. An example of the
ToBI labeling is provided in tier 2 in Figure 1.
For statistic validation, we used the software JMP
13 to perform Linear Mixed Models with the respective measure as dependent variable, SPEAKER as
random factor and DATA SET (BULG_m, BULG_b,
JUSPA) as fixed factor. Separate Tukey post-hoc
tests were carried out per variable, if appropriate.
For frequency counts of the pitch accents realized by
the different groups we used χ² tests. The confidence
level was set at α=0.05.
3. RESULTS
Mean values for each of the F0 and durational
measures by data set are presented in Table 2.
Table 2: Measures by data set.
Parameter
BULG_m BULG_b
mean (Hz)
178.43
180.88
median (Hz)
174.21
176.72
minimum (Hz)
124.99
124.26
maximum (Hz)
257.61
258.04
pitch range (semitones)
12.53
12.94
SD (Hz)
32.31
31.61
mean IP duration (ms)
1157.65 1241.87
mean pause duration (ms)
626.03
647.85
mean syll. duration (ms)
225.69
232.41

JUSPA
172.71
169.95
118.43
237.94
12.19
28.54
1123.87
823.11
256.09

A systematic comparison of the LTD measures of F0
showed that the realizations in the BULG_m and
BULG_b data sets have a considerably higher standard deviation (F [2, 16] = 5.0554, p<0.05) and a
higher F0 maximum (F [2, 16] = 8.2049, p<0.01) as
compared to the realizations in JUSPA. As for pitch
range (F [2, 16] = 4.7932, p<0.05) only the bilingual
speakers show higher values when speaking BULG.
Statistical analyses for the duration measurements revealed a significant effect of DATA SET on
the duration of IPs (F [2, 28] = 7.0979, p<0.01) and
pauses (F [2, 16] = 4.0213, p<0.05). Separate posthoc tests showed that the bilinguals produce longer
IPs and shorter pauses in the BULG_b data set than
in the JUSPA data set (Figure 2).

Figure 2: IP duration (left) and pause duration
(right) for BULG_b, BULG_m and JUSPA.

preference for H-L% and H-%, but also frequently
use HL-, H- and L-%.
Table 4: Distribution of boundary tones (in %).

Additionally we found that the realizations in the
BULG_m and BULG_b data sets have shorter mean
syllable durations as compared to the realizations in
JUSPA (F [2, 16] = 12.3329, p<0.001).
As for the distribution of pitch accents, our analysis revealed that the same repertoire of six pitch
accents (L*, H*, H+L*, L*+H, L+<H*, L+H*), was
used in each of the three data sets. Note that essentially the same inventory of pitch accents was found
in read data produced by the same speakers ([11]).
Concerning the realization of nuclear pitch accents, we found that both the bilingual and the monolingual speakers use predominantly H*, but also L*
and L+H*. However, for the bilingual group, we
found slightly more monotonal L* and for the monolingual group more bitonal rising pitch accents of the
L+H* type, where the F0 peak is reached at the end
of the stressed syllable. In pre-nuclear position, both
groups of speakers use again mostly H* and to a
lesser extent L+H* and L*; see Table 3.
Table 3: Distribution of pitch accents (%).
H*

JUSPA
BULG_b
BULG_m

42
44
40

JUSPA
BULG_b
BULG_m

67
63
68

H+L*

L*

L*+H

L+H*

nuclear pitch accents
2
29
0
25
3
26
1
23
5
22
0
32
pre-nuclear pitch accents
1
8
0
19
1
10
5
15
3
12
2
14

L+<H*

2
3
1
5
5
1

boundary tones
%H
H-%
L-H%
H-L%
L-%
HLHHLL-

JUSPA
1
18
5
22
26
12
1
9
6

BULG_b
5
22
7
30
2
7
7
8
2

BULG_m
6
17
3
19
10
15
4
22
4

It should be noted, as well, that in both BULG data
sets, the speakers do not reach the bottom of their
range at the end of an IP. When speaking JUSPA,
however, the bilinguals go down to the lower part of
their range in 32% of the IPs, which is in accord
with the results from the durational analysis (longer
pauses) and might be caused by planning difficulties
in the speakers’ weaker language.
Since we deal with uncontrolled spontaneous data and the differences between the data sets apply to
frequencies of use and not to different repertoires,
these might be explained by referring to the metrical
structures of the prosodic words used. We thus examined the distribution of pitch accents according to
stress patterns. Table 5 summarizes the stress patterns according to the position in the prosodic word.
As can be seen, the most frequent pattern in both
JUSPA and BULG is penultimate stress, for both
pre-nuclear and nuclear position. The second most
frequent pattern in JUSPA is ultimate stress, whereas in BULG either stress on the last or the antepenultimate syllable is second most frequent. While in
JUSPA there are only few words with stress on the
antepenultimate and 4th-to-last syllable and no words
stressed on the 5–7th-to-last syllable, the BULG data
exhibit some occurrences of such items.
Table 5: Distribution of stress patterns (in %).

29
23
22

63
40
42

7th-to-last

JUSPA
BULG_b
BULG_m

pre-nuclear position
4
1
˗
26
5
˗
15
5
˗
nuclear position
8
˗
˗
30
4
5
25
7
2

6th-to-last

65
51
46

5th-to-last

30
18
34

4th-to-last

JUSPA
BULG_b
BULG_m

antepenultimate

penultimate
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ultimate

As far as IP- and ip-final boundary tones are concerned, our analysis revealed that the same repertoire is used in the three data sets (%H, H-%, L-H%,
H-L%, L-%, H-, LH-, HL-, L-). Significant differences were found in the relative frequency of the
different boundary tones between JUSPA and
BULG_m [χ²(8, n=1174) = 123.818, p < 0.001],
JUSPA and BULG_b [χ²(8, n=1024) = 63.477, p <
0.001] and between BULG_m and BULG_b [χ²(8, n
=962) = 83.452, p < 0.001]; see Table 4. The bilinguals use predominantly H-L% and H-% when
speaking BULG and L-%, H-L%, H-% and H- when
speaking JUSPA. The monolinguals also show a

˗
˗
˗

˗
˗
˗

˗
˗
1

˗
˗
1

The analysis reveals significant differences between
the three data sets, concerning the use of different

pre-nuclear pitch accents in words with ultimate and
penultimate stress. The comparison of BULG_m vs
JUSPA shows that when stress is on the last syllable
there are more L* accents in BULG_m and more
L+H* in JUSPA [χ² (4, n=312) = 12.294, p < 0.05].
With penultimate stress, there are more L+<H* accents in JUSPA [χ² (5, n=531) = 15.632, p < 0.01].
The comparison BULG_b vs JUSPA showed that
with ultimate stress more L+H* accents were produced in JUSPA [χ² (5, n=191) = 13.621, p < 0.05]
and more L*+H pitch accents occurred on the penultimate in BULG_b [χ² (5, n=457) = 20.069, p <
0.01]. Finally, the comparison between the two Bulgarian data sets shows more L*+H and L+<H* with
stress on the last [χ² (5, n=243) = 12.165, p < 0.05]
and the penultimate syllable [χ² (5, n=426) = 15.826,
p < 0.01] for the bilinguals.
However, the amounts of L*+H and L+<H* sum
up to only 1% and 6% (see Table 3), which suggests
that these differences are of limited relevance.
Hence, only the differences BULG_b vs JUSPA and
BULG_m vs JUSPA in words with ultimate stress
seem to be substantial. As for the nuclear accents in
structures with ultimate stress, significant differences were found for the comparisons BULG_m vs
JUSPA (more L+H* realized by the monolinguals)
[χ² (4, n=295) = 26.981, p < 0.001] and BULG_b vs
BULG_m (again more L+H* in the monolingual
data) [χ² (4, n=205) = 14.452, p < 0.01]. In penultimate words, BULG_m vs JUSPA show significant
differences (more L+<H* in JUSPA) [χ² (4, n=599)
= 11.851, p < 0.05]; no such difference was found
for BULG_b vs JUSPA.
As already stated, the difference found between
BULG_m and JUSPA with respect to the most frequent stress pattern (penultimate stress) is a minor
one because of the few realizations of L+<H*. It is
important, though, to point out that monolingual
speakers realize more nuclear L+H* than the bilinguals in words with ultimate stress.
4. DISCUSSION AND CONCLUSION
Based on a corpus of spontaneous speech (narrative
interviews), we showed that the bilinguals use considerably lower F0 maxima, a narrower pitch range
and a generally less variable pitch when they speak
JUSPA as compared to the two BULG data sets.
Furthermore, the JUSPA data show the longest
pauses and the shortest IPs. In addition, when speaking JUSPA the bilinguals are slower and go down to
the bottom of their range at the end of about one
third of the IPs, presumably because of possible
planning difficulties. These results indicate that the
speakers feel some insecurity when speaking their
original mother tongue, which was replaced consist-
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ently by the surrounding language in the course of
the decades.
In contrast to these differences, the bilinguals use
the same inventory of pitch accents and boundary
tones in both JUSPA and BULG_b, which, in turn,
does not differ from the repertoire of tonal units used
by the monolingual Bulgarians (BULG_m). As for
the occurrences of pre-nuclear L+H* placed on
words bearing ultimate stress, the bilinguals produce
more instances of this accent type when speaking
JUSPA. We found no considerable differences with
respect to the occurrences of nuclear accents. The
fact that the bilingual speakers use the same pitch
accent types, i.e. L*, H*, H+L*, L*+H, L+<H*, and
L+H*, in both of their languages, holds true not only
for the spontaneous data analyzed in the present
paper, but also for the read data produced by the
same speakers analyzed in [11]. This finding strongly suggests that convergence, conceived as a mechanism of linguistic change that increases the similarities between two languages, operates at different
linguistic levels: The Spanish diaspora variety
(JUSPA) seems to have converged towards the surrounding language (BULG) not only with regard to
durational properties (see the raising of unstressed
vowels and its effect on global speech rhythm; [9]
and Section 1), but also at the level of intonation, in
both read and spontaneous speech. This view is underpinned by the fact that this phenomenon is also
apparent with respect to stress assignment: Unlike
mainstream Spanish, where comparative constructions such as más fuerte ‘stronger’ are produced with
a stress on the adjective, i.e. más FUERte, our bilinguals largely follow the Bulgarian model in assigning stress to the comparative particle (see BULG
SIlen ‘strong’, PO-silen ‘stronger’), which yields
productions such as MAS fuerte. This phenomenon
not only shows up in the read materials analyzed by
[11], but also in our spontaneous data, where examples such as MAS bueno ‘better’ occur.
It should be pointed out, however, that the striking parallels between Sofian JUSPA and the surrounding language, BULG, might also be attributed
to L1 attrition ([23], [24]) under the influence of the
individuals’ dominant language. This interpretation
is plausible since our speakers ceased to use their L1
on a daily basis at the latest when they left their families and moved to the capital to enroll their university studies. However, since no earlier recordings of
the same speakers are at our disposal, it is impossible to decide whether they (directly) acquired a diaspora variety of Spanish whose prosody was already influenced by BULG or their original L1
(JUSPA) was still prosodically different from BULG
at the time of L1 acquisition and changed under the
influence of BULG due to language attrition.
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ABSTRACT
Fundamental frequency (F0) contour carries
important information for lexical tone identification
in a tonal language like Mandarin Chinese. To
examine the perceptual contribution of F0 contour,
F0-flattening processing has been commonly used in
many studies. However, listeners may still capture
residual F0 information contained in the F0-flatted
stimuli for lexical tone identification. The present
work assessed Mandarin tone identification with the
F0-flattening processed single-vowels. The vowel
stimuli were processed by the STRAIGHT algorithm
to replace the original F0 contour with a flattened
contour at the mean value of the F0 dynamic contour
extracted. Listening experiments showed that under
the F0-flattening processed condition, normalhearing listeners still achieved a more than 50.0%
accuracy rate to identify Mandarin tones, and tone-2
was more misidentified as tone-1 than tone-3 and
tone-4 were.
Keywords:
Mandarin
tone
identification,
fundamental frequency, F0-flattening processing.
1. INTRODUCTION
There are four lexical tones in Mandarin Chinese,
namely, the flat, the rising, the falling-rising, and the
falling tone (or tone-1, tone-2, tone-3, and tone-4,
respectively), each characterized by its pattern in
fundamental frequency (F0) variation (or F0 contour)
during voiced segments of speech [1]. For a tonal
language like Mandarin Chinese, F0 contour carries
important information for lexical tone identification
and speech perception [2-3]. Many studies have
been carried out to understand the perceptual role of
F0 contour under various listening conditions, to
assess factors affecting Mandarin tone identification,
and to design novel speech processing approaches to
effectively deliver F0 contour information [e.g., 4-6].
For instance, Chen and Wong recently assessed the
segmental contribution to Mandarin tone
identification [7]. Liu and Samuel found that
Mandarin speakers could flexibly shift to secondary
cues such as amplitude in identifying tones [8].
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Flattening F0 contour has been used in many
studies to assess the effect of F0 contour on
Mandarin sentence perception [e.g., 5-6, 9-10].
Several open-source codes are available to
implement this F0-flattening processing [11-12].
The underlying principle of these F0-flattening
algorithms is to compute the F0 trajectory in voiced
segments, and use the averaged F0 value to replace
the F0 dynamic contour. However, it is known that
much pitch related information impacts lexical tone
identification [e.g., 13-15]. Hence, flattening F0
contour may not fully remove the F0 contour
information. In other words, the F0 contour
information may be preserved in other residual
acoustic cues (e.g., amplitude fluctuation), and
listeners may still use the residual information
(carrying F0 contour cue) for their lexical tone
identification and speech perception. Wang et al.
used the F0-flattening processed sentences to
evaluate the role of F0 contour on Mandarin
sentence understanding, and they found that in quiet
condition, normal-hearing (NH) listeners still had an
almost perfect understanding of Mandarin sentences
[5]. Chen et al. used the F0-flattening processing to
examine the intelligibility of vowel sentences, which
preserved vowel segments and replaced consonant
segments with noise/silence [6]. They suggested that,
compared with manipulating other cues (e.g.,
harmonic structure), flattening F0 contour had a
minimal effect on the intelligibility of vowel
sentences.
All the above-mentioned work was studied at
sentence level. At sentence-level speech perception,
NH listeners may use additional cues, like language
experience and contextual information, to
understand processed speech, irrespective of the
availability of F0 contour information [e.g., 4]. Due
to this interaction with contextual cue, little is
known on how and to which extent F0-flattening
processing affects Mandarin tone identification.
Hence, it is necessary to investigate the effect of F0flattening
processing
on
Mandarin
tone
identification at segmental (e.g., vowel) level, which
is the purpose of this work. The hypothesis behind
this work is that the present F0-flattening processing
could only remove the F0-contour information in F0
variation, but could not eliminate other F0-contour

information. Hence, due to the residual F0-contour
information preserved, listeners may still identify
some tones from F0-flattening processed vowels,
rather than identifying all F0-flattening processed
vowels as tone-1 (or flat tone).
2. METHODS
2.1. Subjects

Seventeen (ten male and seven female) NH native
Mandarin-Chinese listeners participated in the
experiment. The subjects’ age ranged from 23 to 35
years, and the majority of subjects were
undergraduate students at Southern University of
Science and Technology. All subjects were paid for
their participation.

(by a female speaker), and panel (b) plots the
waveform and spectrogram of the F0-flattening
processed vowel /e/ originally in tone-3. The F0
contours for the original and F0-flattening processed
vowels are shown on the spectrograms. It is seen in
panel (a) that F0 contour shows the falling-rising
trajectory of tone-3 in Mandarin, while a flat F0contour is observed in panel (b) due to the F0flattening processing.
Figure 1: (a) The waveform and spectrogram of a
tone-3 vowel /e/, and (b) the waveform and
spectrum of the F0-flattening processed tone-3
vowel /e/. The F0 contours are displayed on the
spectrograms in the two panels.

2.2. Materials

One adult male and one adult female native
Mandarin-Chinese speakers produced the following
six single-vowel syllables in each of the four
Mandarin tones (/a/, /o/, /e/, /i/, /u/, /ü/) in a soundtreated booth, resulting in a total of 48 vowel tokens
(= 2 speakers × 6 vowels × 4 tones) for
Mandarin tone identification. The vowels were
recorded at a sampling rate of 16 kHz, and their
waveforms were then adjusted to have the same
root-mean-square value [16]. The duration of the
vowel tokens was normalized [14]. Note that pre-test
showed that all participants in this study could
correctly identify the tones of all the above singlevowels.
To synthesize the F0-flattening processed
stimuli, the F0 dynamic contour of each vowel
material was extracted and subsequently replaced by
a flattened F0 contour at the mean value of the F0
dynamic contour extracted. More specifically, F0
was extracted every 1 ms in a search range from 40
to 800 Hz. The extracted F0 information was used to
control the spectral envelope extraction procedure.
The extracted F0 information and the spectral
envelope were subsequently used for speech
synthesis. In this work, the F0 trajectory was
replaced by the flattened F0 contour at the mean
value of the F0 dynamic contour extracted (see more
in [17]). Through this process, the natural F0
contour was flattened, while other acoustic cues
such as formant frequency variations and harmonics
were preserved. The Matlab code to implement the
above F0-flattening processing (i.e., the STRAIGHT
algorithm) is available at [11].
Figure 1 gives the examples of F0-flattening
processing. Panel (a) in Fig. 1 shows the temporal
waveform and spectrogram of vowel /e/ in tone-3
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(a)

(b)

2.3. Procedure

The experiment was performed in a sound-proof
booth and stimuli were played to listeners through a
Sennheiser HD 250 Linear II circumaural headphone
at a comfortable listening level. Prior to the test, a
pre-test showed that all participants could correctly
identify the tones of all the F0-unprocessed single-

vowels. In addition, each subject also participated in
a 5-min training session and listened to the F0flattening processed vowels to become familiar with
the F0-flattening processed stimuli and the testing
procedure. Each subject participated in two testing
conditions (i.e., a female voice and a male voice) of
Mandarin tone identification, and the order of the
two testing conditions was randomized across
subjects. Each condition consisted of three
presentations of each vowel stimulus spoken by a
female or a male talker, and each subject listened to
72 randomized vowel stimuli (= 3 repetitions × 6
vowels × 4 tones) per condition. The Mandarin
tone responses were collected with custom software
using a computer display of response alternatives
and a mouse as a response key. The subjects were
allowed to use a repeat key as many times as they
wished to repeat the test stimuli during the test. The
percentage correct rate for each condition was
calculated by dividing the number of tones correctly
identified by the total number of vowel stimuli in the
testing condition.
Figure 2: Mandarin tone identification scores
under all conditions. The error bars denote ± 1
standard errors of the mean. The dotted line
indicates the chance level rate (25.0%) for
Mandarin tone identification. ‘s’ and ‘ns’ denote
that the difference between the paired scores is
significant and non-significantly, respectively.
90.3

Percent correct (%)

100

75

s
53.5

s
s
54.4

s
s
ns
52.1

50

17.1
25

0
All

Tone 1 Tone 2 Tone 3 Tone 4

Table 1: Confusion matrix of identifying lexical
Mandarin tones.

of Mandarin tone identification. The mean correct
rate 53.5% is much higher than the chance level rate
25.0%, suggesting that NH listeners may use some
acoustic cue(s) for assisting their lexical tone
identification, although the original F0-contour was
replaced with a flattened F0-contour. Figure 2 also
splits the tone identification score according to the
four tones in Mandarin. First, it is seen that listeners
can achieve a high identification rate for tone-1, i.e.,
90.3%. On the contrary, for results of tone-2, tone-3
and tone-4, the identification rates are much lower,
i.e., 17.1%, 54.4% and 52.1%, respectively. The
identification rate for tone-2 is lower than the chance
level rate (i.e., 17.1% vs. 25.0%), while the rates for
tone-3 and tone-4 are above 50.0% (i.e., 54.4% and
52.1%). Hence, taking the results of four tones
together, listeners had correct rate 53.5% for
identifying Mandarin tones with F0-flattened vowels.
Multiple paired comparisons with Bonferroni
correction were run between the identification scores
across the four tones in Fig. 2. The Bonferronicorrected statistical significance level was set at
p<0.008 (ɑ=0.05). Analysis revealed that the score
of tone 1 was significantly (p<0.008) larger than that
of tone 2, tone 3 or tone 4 (noted as ‘s’ in Fig. 2), the
score of tone 2 was significantly (p<0.008) smaller
than that of tone 3 or tone 4 (noted as ‘s’ in Fig. 2),
and the score of tone 3 was non-significantly
different with that of tone 4 (noted as ‘ns’ in Fig. 2).
Table 1 shows the confusion matrix of
identifying Mandarin tones, which visualizes the
effect of F0-flattening processing on tone
identification. Each column of the matrix represents
the instances in a predicted tone, while each row
represents the instances in an actual tone. The
correct rates for all tones are located in the diagonal
of the matrix, and other cells in the matrix give the
error rates of tone misidentification, i.e.,
misidentifying the actual tone as the predicted tone
in the confusion matrix. It is seen that when F0
contour is flattened, tone-2, tone-3 and tone-4 are
misidentified as tone-1 with error rates 75.0%, 24.8%
and 26.6%, respectively. This shows that when
compared with vowels originally in tone-3 and tone4, those vowels originally in tone-2 are more
misidentified as tone-1.
4. DISCUSSION AND CONCLUSIONS

3. RESULTS
Figure 2 shows the mean (across all subjects, and
averaged over the two voice conditions) correct rates

3834

The present work hypothesized that even when F0
contour was flattened with existing F0-flattening
processing algorithm (i.e., STRAIGHT), the F0flattened single-vowels may still carry residual F0
contour information for identifying Mandarin tones.
Waveform observation confirmed this hypothesis

(see Fig. 1). The temporal envelope of the F0flattening processed vowel still largely preserves the
original envelope fluctuation without F0-flattening
processing. Listening experiments of Mandarin tone
identification further verified this hypothesis.
Experiment results showed that, instead of
identifying all F0-flattening processed vowels as
tone-1 or a chance level correct rate of 25.0%,
listeners received an overall mean accuracy rate
53.5%. This clearly showed that listeners could still
correctly identify some tones with F0-flattening
processed vowels. Analysis also showed that, in the
context of F0-flattening processing, vowels
originally in tone-2 were more misrecognized as
tone-1 than those originally in tone-3 or tone-4. This
is consistent with early findings. Several work
showed that tone-2 was more difficult to identify
than tone-3 and tone-4 [e.g., 18-19].
Because this work showed that the F0-contour
information could not be fully removed by existing
F0-flattening algorithms (e.g., STRAIGHT), caution
needs to be taken when interpreting the results of
Mandarin sentence recognition in studies using F0flattening processing [e.g., 5-6]. Those studies aimed
to study the auditory processing ability on individual
acoustic cue; however, some cues could not be fully
separated, e.g., the F0 contour cue. For instance,
when using F0-flattening processing to flatten the F0
contour of Mandarin sentences, envelope waveform
still carries some residual F0-contour information.
Hence, the high recognition of F0-flattening
processed sentences could not be interpreted in the
absence of F0 contour information. While F0
contour may have minimal effect on sentence
perception, which has been reported in several
studies, its exact influence needs to be carefully
studied. One way to separate the perceptual role of
F0 contour is to use tone-1-pronounced speech.
Chen et al. used a text-to-speech engine to
synthesize sentences with all words pronounced in
tone-1 [4]. As all words were pronounced with tone1 or flat tone, their amplitude fluctuation only
carried flat modulation by tone-1. Hence, amplitude
fluctuation did not carry the F0-contour information
of tone-2, tone-3 and tone-4; and F0 contour is
flattened at both frequency variation and amplitude
fluctuation. This type of stimuli could be more
suitable in studies assessing the perceptual role of F0
contour.
The present work has the following limitations.
First, this work assessed the effect of F0-flattening
processing on Mandarin tone identification with
vowels. Caution needs to be taken when making
inference from findings in this study with vowels
onto sentences or connected speech processed by
F0-flattening. Depending on the context, sentences
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might show different amplitude fluctuation which is
not wholly dependent on tones. In addition,
sentences are subject to various phonological
changes such as tone sandhi. Second, this study used
six single vowels for tone identification. Some
single vowels can represent real words in certain
tones. For listeners who participated in the
experiment, there is a possibility that they mapped
what they heard onto some real words to judge the
tone of the words, and then participants might not be
solely relying on residual F0 information to make
their judgments. In other words, some vowels in
certain tones are more accurately perceived in part
because of the existence of real words in those tones.
Third, it is unclear how other factors (e.g., the
gender of speaker, initial pitch, voice quality) affect
the findings in this work, which warrants further
investigation.
In conclusion, the present work assessed
Mandarin tone identification with F0-flattening
processed single-vowels. Listening experiments
showed that when F0 contour was flattened by the
existing F0-flattening processing algorithm (i.e.,
STRAIGHT), listeners can still correctly identify
some tone-3 and tone-4. This is partially because
other acoustic cues (e.g., amplitude fluctuation) covary with F0 contour; and the present algorithms
only flatten F0 contour in F0 variation, but not fully
remove F0-contour cue. The residual pitch
information (e.g., in amplitude fluctuation) may help
lexical tone identification with the F0-flattening
processed single-vowels.
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ABSTRACT
Previous research hypothesized that children with
dyslexia might have a general auditory processing
deficit or phonological processing deficit. Recent
studies showed that tone-speaking children with
dyslexia had special difficulties with lexical tone
identification. Tone identification ability uniquely
predicted word reading ability and dyslexia.
This study compared discrimination of nonlinguistic pitch contours that resembled Cantonese
lexical tones, discrimination of Cantonese lexical
tones, and identification of Cantonese lexical tones
in (1) Cantonese-speaking children with dyslexia,
(2) age-matched peers and (3) reading-matched
children. Children with dyslexia performed poorer
than age-matched children in all tasks. Their ability
in pitch and tone discrimination was comparable to
that of younger reading-matched peers but their tone
identification was poorer than age-matched and
reading-matched peers and uniquely predicted their
literacy skills and dyslexia. The results suggest that
children with dyslexia are delayed in general
auditory processing and phonological processing and
have core deficits in semantic access.
Keywords: pitch perception, lexical tone perception,
dyslexia, general auditory deficit, Cantonese
1. INTRODUCTION
Children with dyslexia exhibit difficulties with word
encoding and decoding. The general auditory
processing deficit theory [1, 2] and the phonological
processing deficit theory [3, 4] have been put
forward to explain the reading difficulties in children
with dyslexia. The former proposes that children
with dyslexia have difficulties processing acoustic
signals, particularly those that are brief with rapid
transition [5, 6, 7], not specifically to speech sounds.
The latter theory, on the other hand, postulates that
children with dyslexia have special difficulties
processing linguistic speech sounds as displayed by
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their difficulties with phonological awareness and
manipulating speech sounds [8, 9].
Studies that examined pitch perception in
English-speaking children with dyslexia supported
the general auditory processing deficit theory.
Children with dyslexia required higher threshold
than age-matched controls in discriminating pure
tones of different frequencies [10, 11]
Yet, recent studies that examined Mandarin
and Cantonese lexical tone identification showed
speech specific phonological deficits in children
with dyslexia. Children with dyslexia identified
lexical tones poorer than their age-matched peers
[12, 13]. Interestingly, children’s lexical tone
identificaiton ability predicted word reading abiltiy
and dyslexia better than other linguistic tasks such as
initial syllable deletion [12, 13]. It remains unclear
whether non-linguistic pitch perception or tone
discrimination also predicts word reading and
writing abilities.
To test the two theories of dyslexia, this
study examined non-linguistic pitch discrimination,
linguistic tone discrimination, and lexical tone
identification in three groups of Cantonese-speaking
children: children with dyslexia, age-matched
typically-developing children, and younger readingmatched children. If the general auditory processing
deficit theory deficit is correct, children with
dyslexia would perform poorer than typical children
in all the three tasks given that accurate pitch
percpetion is the basis for accurate lexical tone
perception. If the phonological processing deficit
theory is right, children with dyslexia would perform
comparably in the pitch discrimination task but
poorer in the lexcial tone discrimiantion and
identificaiton tasks than the typical children. In
addition, if children with dyslexia performed poorer
than age-matched children but comparable to the
reading-matched peers, their difficulties would be
indicative of a delay related to their reading
development, whereas if childern with dyslexia
performed poorer than both age-matched and
reading-matched children, their difficulties would be
more indicative of a disorder.

Cantonese was selected because it has one
of the most complex tonal systems with six full
tones and three checked tones. The six full tones
consist of three level tones (high, mid and low level
tones), two rising tones (high and low rising tones)
and a falling tone (low falling tone). The three
checked tones only occur in syllables with a final
voiceless plosive (/-p/, /-t/, /-k/) and are considered
as allotones of the three level tones. They are 2/3
shorter than their full tone counterparts [14]. Thus
the nine Cantoense tones are contrastive in pitch
levels, pitch shapes and pitch durations (See [14] for
detailed acoustic information of the nine tones).
The research questions of the current study
were: (1) Do Cantonese-speaking children with
dyslexia demonstrate non-linguistic pitch perception
deficits? (2) Do Cantonese-speaking children with
dyslexia display lexical tone perception deficits? (3)
What are the relationships among pitch perception,
lexical tone perception and word reading and writing
abilities in children?
2. METHOD
2.1. Participants

75 children participated in the study. Thirty (15 8year-olds (D08), 15 10-year-olds (D10)) received
formal diagnosis of dyslexia (D group). Another 30
typically-developing children (15 8-year-olds
(CA08), 15 10-year-olds (CA10)) formed the agematched control group (CA group). Fifteen 10-yearold children whose non-verbal IQ and word reading
ability matched those of the ten-year-old children
with dyslexia formed the reading-matched control
group (RM group, mean age =8.3 years).

Literacy skills were measured by a Chinese word
reading task adopted from [17], a Chinese word
reading fluency taskn, and a word dictation task.
2.2.5. Lexical tone perception abilities
Children’s lexical tone perception abilities were
measured by a Cantonese tone discrimination task
and a Cantonese tone identification task.
In the tone discrimination task, natural
productions of the nine Cantonese tones in the
syllables /ji/ (for full tones) or /jip/ (for entering
tones) by a male speaker were low passed filtered at
5K Hz and normalized to 72 dB. The tones of these
productions had been correctly identified by five
judges in filtered stimuli that retained the pitch
information but eliminated the lexical identity. The
nine natural productions formed seven tone minimal
pairs covering the most confusing tonal contrasts for
children based on previous research [18, 19]. The
seven tone pairs were used to construct a 28-trials
AXB tone discrimination experiment with an ISI of
500 ms. Children determined which production was
different from the other two. The left panels in
Figure 1 show the F0 contours of the seven pairs of
naturally produced lexical tones.
Figure 1: Fundamental frequency contours of the
naturally produced tones (NT), the synthetic
complex tone (CT) and the synthetic speech tones
(ST) for the tone and pitch discrimination tasks.

2.2. Measures

Tasks that were used to measure children’s abilities:
2.2.1. Language ability
Language ability was measured by the Cantonese
Expressive Language Scales [15].
2.2.2. Non-verbal intelligence
Non-verbal intelligence was measured by the
Raven’s Colored Progressive Matrices [16].
2.2.3. Memory capacities
Forward and backward digit span tests were used to
measure short-term and working memory.
2.2.4. Literacy skills
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Note. “B” indicates F0 contours mid-way between a pair of
tones. For example, B13 indicates an F0 contour mid-way
between Tone 1 (High-level) and Tone 3 (Mid-level).

In the tone identification task sixty-five
monosyllabic words familiar to pre-school children
formed 36 minimal pairs, 2 for each of the 18 tone
pairs formed by the 9 tones. There were 8 trials for
each tone pair. In each trial, 4 pictures representing
the target word and 3 words that differed from the
target word by the initial consonant, the vowel or the
tone only were presented on the screen. Upon
hearing the target word in a carrier phrase, children
selected the corresponding picture.

2.2.6. Pitch perception abilities
Children’s pitch perception abilities were measured
in an AXB pitch discrimination task. Sixteen
synthetic complex tones (CT) were generated using
the Pitch Synchronous Overlap Add (PSOLA) resynthesis tool in Praat. Nine of them were
constructed using the mean fundamental frequency
(F0) (for the level tones), or the minimum and
maximum F0 (for the contour tones) of the naturally
produced lexical tones used in the lexical tone
identification task described above. Seven additional
synthetic tones were generated by having the onset
and offset F0 of the tones mid-way between seven
easily confused tone pairs. Each synthetic tone
composed of 500 harmonics and was low-pass
filtered at 5K Hz and normalized at 72 dB.
Durations of synthetic tones were set at 470 ms and
150 ms, respectively. Another set of synthetic
speech tones (ST) was created by applying the F0
contours of the CT stimuli to the syllables of /ji/ and
/jip/.The right panels in Figure 1 show the F0
contours of the two sets of synthetic stimuli.
2.3. Procedures
Each child attended one or two one- to three-hour
sessions, depending on the number of breaks the
child needed. Parents completed a language
background questionnaire. All children passed a
hearing screening and completed the measures
described in section 2.2 above.
3. RESULTS
In all statistical analysis, multiple comparisons were
corrected with Bonferroni adjustments.
3.1. Comparisons of age, non-verbal intelligence,
memory capacities, and reading and writing abilities
between 8- and 10-year-old children with dyslexia (D)
and their age-matched peers (CA)

Two analyses of variance (ANOVAs) with
participant group (D, CA) and age group (08, 10) as
between-subject factors were conducted. One used
age and the other used scores in Colored Raven’s
test as between-subject factors. The results showed
no significant difference in age between children
with dyslexia and their age-matched peers, and no
significant difference in non-verbal IQ between 10year-old children with Dyslexia and their agematched peers. However, 8-year-old children with
Dyslexia had lower non-verbal IQ scores than their
age-match peers (p<.001, r = -0.547).
Two multivariate analyses of variance
(MANOVAs) using participant group (D, CA) and
age group (08, 10) as between-subject factors were
conducted. One used the scores in the digit span
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tests and the other used the scores in the reading and
writing tasks as the dependent variables. The results
showed no significant differences in the memory
capacities in the children. However, children with
dyslexia performed significantly poorer than their
age-matched typically-developing peers in all the
three reading and writing tasks (all p < .001, ηp2
ranged from .43 to .56), confirming the reading and
writing deficits in children with dyslexia.
3.2. Pitch and tone discrimination in 8- and 10-yearold children with dyslexia and their age-matched peers

A four-way mixed ANOVA with participant group
(D and CA) and age group (08, 10) as betweensubject factors, sound type (CT, ST, NT) and tonal
contrast (T1-T3, T2-T5, T3-T6, T3-T5, T6-T4, T7T8, T8-T9) as within subject factors, and accuracy
scores in the discrimination tasks as the dependent
variable was used. The results showed main effects
of participant group, sound type, and tone pair (all
ps<.001, ηp2=.187-.318), and significant interaction
effects of sound type x participant group (p=.023,
ηp2=.074) and tone pair x sound type (p<.001,
ηp2=.076). Pairwise comparisons showed that
children with dyslexia performed poorer than agematched children in the discrimination of all the
sound types (ps ≤.001, r ranged from -0.414 to 0.572) and all the tone pairs (all ps ≤.001).
3.3. Tone Identification in 8- and 10-year-old children
with dyslexia and their age-matched peers

A three-way mixed ANOVA with participant group
(D, CA) and age group (08, 10) as between subject
factors, tone type (full, entering) as within subject
factor and tone identification accuracy as the
dependent variable was conducted. The results
showed main effects of participant group, age group,
and tone type and significant interaction effect of
participant group x tone type. Pairwise comparisons
showed that eight-year-old children performed
poorer than 10-year-old children (p=.023,
ηp2=0.089), identification of entering tones were
more difficult than full tones (p < .001, ηp2=.407),
children with dyslexia performed poorer than agematched children in identifying tones in both tone
types (p =.015, r=-.498 for entering tones, p < .001,
r=-.508 for the full tones), with the identification of
the entering tones poorer than the full tones (p <.01,
r=.417).
3.4. Relationships between tone perception skills and
literacy skills

Results of partial correlation analysis showed that
after controlling for age and non-verbal IQ, scores in

CT discrimination significantly correlated with
reading fluency (r2=.094); ST discrimination
significantly correlated with word dictation
(r2=.133), NT discrimination significantly correlated
with both reading fluency (r2=.092) and word
dictation (r2=.091). Tone identification performance
significantly predicted performance in all the three
reading and writing tasks (r2=.125, .102, .125 for
word reading, reading fluency, word dictation,
respectively), suggesting that tone identification was
better than pitch and tone discrimination in
predicting reading and writing skills.
Results of hierarchical regression analyses supported
that lexical tone identification was the most
important predictor of word reading and writing. It
accounted for unique variance in word reading (R2
change = 0.06, p = 0.01) and writing skill (R2 change
= 0.05, p = 0.02) after controlling for age, nonverbal
IQ, and other predictor variables (CT, ST and NT).
Results of logistic regression demonstrated that
among the predictors tested (i.e., age, nonverbal
intelligence, discrimination of CT, ST and NT and
lexical tone identification), NT discrimination (B =
5.961, p = .014) and lexical tone identification (B =
27.371, p = .007) were the only variables that
significantly predicted children with dyslexia.
3.5. Differences in age, non-verbal intelligence,
memory capacities, and reading and writing abilities
among 10-year-old children with dyslexia (D), their
age-matched (CA) and reading-matched (RM) peers

Using the three 10-year-old groups -- 10-year-olds
with dyslexia (D10), 10-year-old age-matched
typical children (CA10), and 10-year-old readingmatched children (RM10) -- as a between subject
factor, two MANOVAs and two ANOVAs were
performed on the same measures described in 3.1.
As expected, the results showed that RM10 was
significantly younger than D10 and CA10 (p<.001,
ηp2=.744) while there was no significant difference
in age between D10 and CA10. The three groups of
children performed comparably in the two digit span
tests and the Colored Raven’s test, indicating
comparable memory capacities and non-verbal
intelligence in the three groups of 10-year-old
children. As expected, children with dyslexia (D10)
performed poorer than typically developing children
(CA10) in all the three reading and writing tasks (p<
.001, ηp2=.304-.441), but comparably to readingmatched children (RM10).
3.6. Pitch and tone discrimination and tone
identification in the three groups of 10-year-old
children
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Results of a three-way mixed ANOVA using the 10year-old participant groups (D10, CA10, RM10) as
between subject factor, sound type (CT, ST, NT) and
tonal contrast (T1-T3, T2-T5, T3-T6, T3-T5, T6-T4,
T7-T8, T8-T9) as within subject factors and
accuracy as independent variable showed that 10year-old children with dyslexia were poorer than age
matched peers (p=.001), but comparably to readingmatched children in all the 3 discrimination tasks.
Figure 2: Accuracy of the 3 participant groups on
the experimental tasks.

Results of a two-way
mixed ANOVA using
participant
group
(D10, CA10, RM10)
as between subject
factor, tone type (full,
entering tone) as
within subject factor,
and tone identification accuracy as dependent
variable showed that 10-year-old children with
dyslexia performed significantly poorer than both
the age-matched and reading matched children
(ps<.001, .003). No difference was found between
the two groups of typical children.
4. SUMMARY
Though pitch discrimination, lexical tone
discrimination and lexical tone identification all
correlated with Chinese word reading and/or writing
abilities in children, lexical tone identification is the
best predictor of reading and writing abilities and
dyslexia.
Cantonese-speaking children with dyslexia
perform poorer than age-matched typical peers in
pitch discrimination, lexical tone discrimination, and
lexical identification. Their pitch discrimination and
lexical tone discrimination skills are comparable to
those of younger children with similar reading
abilities. However, their lexical tone identification
abilities are significantly poorer than readingmatched children.
The findings suggest that Cantonesespeaking children with dyslexia are delayed in
general auditory processing and phonological
processing skills, as indicated by their poorer pitch
and tone discrimination than age-matched peers.
They appear to have special difficulties accessing
lexical information, as indicated by their poorer
lexical tone identification than lexical tone
discrimination and their poorer tone identification
abilities than younger reading-matched children.
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ABSTRACT
This study explores the production-perception
relation of Mandarin tones by predicting native
Mandarin speakers’ tone perceptual cue weights
using acoustic features of their tone productions.
Participants produced the Mandarin syllable /i/ with
four tones and performed a speeded discrimination
task. A fundamental frequency (F0) mean was
computed for each production and a parabola was
fitted to each tone contour to determine F0 slope and
curvature. A tone height X tone direction perceptual
tone space and individual cue weights were obtained
using the Individual Difference Scaling (INDSCAL)
analysis. The F0 mean X F0 slope tone space
provided the closest match to the perceptual tone
space. The multiple linear regression with tone-totone distances of each acoustic feature as predictors
of the corresponding cue weights did not find a
significant
production-perception
relationship.
Findings suggest that more fine-grained acoustic
correlates and dimensions are needed to establish
patterns of cue weights in tone production-perception
link.
Keywords: tone perception, tone
perception-production relationship

acoustics,

1. INTRODUCTION
A link between production and perception is
predicted by speech perception theories [5, 8], and
supported by empirical findings [1, 6, 15]. However,
these theories and findings are based on segments:
e.g. plosives [13], fricatives [15] and vowels [6]. This
study aims to extend the study of productionperception link to the suprasegmental level using
Mandarin tones as a test case.
Mandarin is a lexical tone language with four tone
categories differing in pitch height and contour. Tone
1 (T1) has a high-level contour. Tone 2 (T2) has a
mid-high-rising contour. Tone 3 (T3) is a low dipping
tone and Tone 4 (T4) is a high-falling tone [4]. Each
Mandarin syllable carries a tone and the lexical
meaning of the syllable changes if the tone varies. It
has been established that Mandarin tone perception
involves two main perceptual dimensions: Tone
height and tone direction [9]. Cue weights given to
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these dimensions have been found to vary crosslinguistically and native Mandarin listeners give
stronger weights to tone direction than non-tonal
native listeners [9, 10]. In Mandarin tone production,
it is generally assumed that F0 mean and F0 slope are
the two acoustic correlates to tone height and
direction, respectively, based on the tone category
distributions on the Mandarin tone space [3, 16].
However, F0 slope as a linear function does not
represent the more detailed, within-tone acoustic cues
(e.g. temporal location of turning point (TP) and F0
decrease from tone onset to TP (ΔF0)) that have been
shown to characterize both Mandarin tone perception
and production, especially T2 and T3 [14]. In
Gandour’s [9] phenomenal study about tone
perceptual dimensions, the dimension of tone
direction is not only represented by linear, but also by
rise-fall and fall-rise contours. Therefore, a tone
modelling method should reflect within-tone F0
changes. In fact, tone resynthesis and modelling have
employed at least a second-order polynomial function
[19, 22, 24]. It is possible that F0 curvature [22]
modelled by a polynomial function, instead of F0
slope, is a better acoustic correlate of the perceptual
dimension of tone direction. This approach of
modelling tones and relating it to perception has not
been widely used [11].
This study examines Mandarin tone productionperception link by exploring the relationship between
perceptual cue weights (i.e. tone height and tone
direction) and tone contrasts made with the
corresponding acoustic cues that include curvature
(F0 mean, F0 slope, and curvature). It is expected
that, if a production-perception link exists for
Mandarin tones, the individual differences in cue
weightings can be predicted by acoustic cues used for
contrasting tone categories [3, 6, 21]. For example,
the individuals who generally produce a greater tone
contrast using F0 mean than other individuals should
also weight tone height more strongly than the others.
2. METHOD
2.1. Participants

Ten native Mandarin participants (7 female) recruited
at Simon Fraser University participated in this study.

All participants completed the production and
perception tasks.
2.2. Production task

2.2.1 Stimuli
Three syllables /i/, /u/ and /a/ with four Mandarin
tones, resulting in 12 real words, were used in this
task. The four tone words with /i/ were used for
acoustic analysis while other syllables were fillers.
The syllables in each tone were presented in Chinese
characters and in phonetic symbols.

were presented 8 times. Therefore, there were a total
of 192 trials (4 same pairs x 2 orders x 12 times + 6
different pairs x 2 orders x 8 times) divided equally in
2 blocks (each contained 96 trials). The order of trials
was randomized in each block. The interstimulus
interval (ISI) was 500ms, following previous tone
studies [3, 10]. Participants were given a maximum
1.5s response interval after each pair and were asked
to respond as quickly as possible. Reaction time was
calculated from the end of the second stimulus
presentation.
2.4. Analysis

2.2.2 Procedures

2.4.1. Production task

In a self-paced production task, the words and
phonetic symbols were presented one at a time in the
centre of a computer screen. Their productions were
recorded digitally in a sound-attenuating booth at a
sampling rate of 48 kHz. They were instructed to say
each word naturally. The /i/ words occurred 6 times
per tone and the other two words occurred 3 times per
tone. There were 48 trials (1 syllable (/i/) X 4 tones X
6 repetitions + 2 syllables (/u/ and /ma/) X 4 tones X
3 repetitions).

The average F0 (Hz) and the F0 values at each 10%
interval of each tone contour produced by each
participant [23] were measured by Praat [2] using the
autocorrelation method, with the F0 range set to 50–
400 Hz. To normalize for inter-speaker pitch range
differences, each frequency value was then converted
from Hz to a logarithm-based T value using the
following formula [20, 23]:
(1) T = (log x – log L)/ (log H – log L) X 5
where x is F0 value in Hz at any given point, L and
H are the minimum and maximum F0 produced by
the speaker. T has a range of 0 to 5, corresponding to
the pitch scale for lexical tones developed by [4].
Polynomial fits were used to estimate slope using
(2) and curvature using (3) based on the normalized
F0 values at the 11 points (following [23]) along the
tone contour using the following functions [11, 22]:
(2) F(t) = mt + k
(3) F(t) = at2 + bt + c
where t represents the time elapsed from the tone
onset, obtained by multiplying the total duration of
each tone contour by the relative location of each time
point along the tone contour. The linear coefficient of
the linear function (m) and the quadratic coefficient
of the quadratic function (a) represent slope and
curvature respectively. Positive and negative slope
values reflect rising (T2) and falling contours (T4),
whereas positive and negative curvature values
represent best fit parabolic lines with an upward (T2
and T3) and a downward opening (T4). A more
curved contour should yield a larger curvature value
than a less curved contour. Twenty-seven productions
(out of 240) with a creaky voice were removed since
the extremely low F0 would distort tone
normalization and modelling results.

2.3. Perception task

2.3.1. Stimuli
The stimuli were the syllable /i/ with four Mandarin
tones, produced by a male native Mandarin speaker
and recorded in a sound attenuated booth. Each tone
target was repeated 3 times and 2 repetitions with
similar duration (388-421ms) were selected. The
amplitude was normalized at 60dB.
2.3.2. Task
Participants performed an AX discrimination task
(following [3]) using Paradigm 2.3 [18]. Stimuli were
presented binaurally and participants were asked to
indicate whether the tone pairs had the same or
different tones by pressing the left or right button on
the keyboard. The buttons were labelled with SAME
or DIFFERENT and the button assignment was
counterbalanced. Each trial contained a pair of
stimuli. The two repetitions of each tone combined to
form the same pairs, whereas only the first repetition
was used to form the different pairs. For all possible
pairings, two orders of presentation were included
(e.g. for same pairs, repetition 1 vs 2, repetition 2 vs
1; for different pairs, tone 3 vs 4 and tone 4 vs 3). To
make sure that the “same” and “different” trials had
equal probability of occurrence, the 4 “same” pairs
were presented 12 times and the 6 “different” pairs
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2.4.1. Perception task
Perceptual dimensions were determined by
INDSCAL analysis (following [3]). The input
consisted of 26 data matrices. Each matrix contains

the distance estimate for each tone pair (4 tones x 4
tones) per speaker. For obtaining distance estimates,
the reaction time data were converted to dissimilarity
scales, i.e. the inverse of reaction time: 1/RT,
assuming listeners spend longer time to discriminate
between two sounds if they are more alike in a
perceptual space. Data points greater than 2 SD from
the mean were removed.
The output of INDSCAL contained a group tone
stimulus space for all listeners in normalized distance.
The output also includes each listener’s weightings of
each dimension.

3.2. Perception results

In the discrimination task, participants achieved the
mean accuracy rate of 97% and mean reaction time of
476 msec. The 2-dimensional INDSCAL model
accounted for 85.7% of the variance (the analysis was
restricted to a 2-dimensional solution – half of the
category number (i.e. 4 tones/2 = 2)). As shown in
the group stimulus space (Figure 2), the positions of
tone categories were consistent with [3]. The
interpretation of the dimensions followed [3].
Dimension 1 and 2 corresponded to tone height and
tone direction respectively.

3. RESULTS
Figure 2: Group stimulus space obtained from the
INDSCAL analysis.

3.1. Production results

Dim 2 (Tone direction)

Normalized F0 (T)

Figure 1: Four Mandarin tone contours produced
by one speaker

5
4

T1

3
2
T4

1

T2
T3

0.3
0.6
Time (sec)

0.9

(a)
F0 Slope (T/sec)

Slope
0.70
6.44
0.32
-12.05

T3
T1
T2

Figure 3: Tone production space in terms of (a) F0
Mean and F0 Slope, and (b) F0 Mean and F0
Curvature.

Table 1: Mean acoustic values of four Mandarin
tones

Mean
3.20
2.40
1.18
2.84

T4

-1.5 -0.5
0.5
1.5
Dim 1 (Tone height)

0
0

Tone
T1
T2
T3
T4

1.5
1
0.5
0
-0.5
-1
-1.5

Curvature
2.81
15.72
19.14
-49.49

-15
T4

-10
-5
0

T3

5

T1
T2

10
0.5

(b)

F0 Curvature (T/sec2)

The F0 mean, slope and curvature were measured
from each speaker’s productions. Averaging across
all speakers (Table 1), as expected, T1 as a high tone,
had the highest F0 mean than other tones, followed
by T4, T2 and T3 (Refer to Figure 1 for tone contour
examples). T2 and T4 showed a positive and negative
F0 slope values respectively and T1 and T3 had F0
slope values near zero. As a level tone, T1 was the
least curved as shown by the mean F0 curvature value
closest to zero. T2 and T3 were a parabola opening
upward which was consistent with their rising and
dipping contour, respectively. The falling contour of
T4 yielded a negative curvature value representing a
parabola opening downward.

1.5
2.5
F0 Mean (T)

-60

3.5

T4

-10
T1
T3

T2

40
0.5

1.5
2.5
F0 Mean (T)

3.5

To examine the acoustic correlates of the perceptual
dimensions obtained from INDSCAL, the acoustic
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values were plotted on 2 two-dimensional tone
spaces, with F0 mean on the x-axis and either F0 slope
or F0 curvature on the y-axis. The tone space with F0
mean and slope as dimensions shared the closest tone
category locations with the INDSCAL perceptual
tone space (Figure 3a). The F0 mean x F0 curvature
plot showed T1, T2 and T4 locations comparable to
the perceptual space, but T3 was placed on a lower
position than T1 and T2 (Figure 3b). As a level tone,
it was not surprising that T1 had a smaller curvature
value than T3. T3 involved a slightly more curved
shape than T2 in general. In other words, T3 had a
more rapid change in F0 than T2. However, this
difference was not reflected in terms of F0 slope or
tone direction. As a result, F0 mean and slope were
the cues that correspond to tone height and direction
in perception based on this visual inspection.

The
production-perception
relationship
was
examined using a multiple linear regression analysis
with all predictors entered to the model at the same
time. The perception measures were each
participant’s weights given to each perceptual
dimension returned by INDSCAL. Production
measures were d’ scores obtained for each of the three
acoustic cues and each tone pair using the following
formula [6, 21]:
(4) d’axy = (max – may)/ [(sax2 + say2)/2]
where a is an acoustic cue, x and y are two tone
categories, max, sax, may and say are the mean and the
standard deviation of the acoustic cue a of tone x and
y. A higher d’ value represents that the difference of
a particular acoustic cue between two tone categories
is more detectable.
The d’ scores of F0 mean (the acoustic correlate of
F0 height) of all six tone pairs (i.e. T1-T2, T1-T3, T1T4, T2-T3, T2-T4, T3-T4) were used to predict the
weights given to tone height. As possible acoustic
correlates of F0 direction, the d’ scores of F0 slope or
curvature of all six tone pairs were used to predict the
weights given to tone direction. The models did not
yield any significant result (Tone height-F0 mean:
F(6,3) = 0.568, p = .745; Tone direction-F0 slope:
F(6,3) = 0.630, p = .712; Tone direction-F0
curvature: F(6,3) = 1.072, p = .519; level of
significance: p =.05).

these dimensions are best interpreted as F0 mean and
F0 slope, rather than F0 curvature, demonstrated by a
better match of production and perceptual tone
spaces. Therefore, general Mandarin tone
categorization involves overall tone direction
represented by slope (rising or falling) and curvature
plays a less crucial role.
The lack of a significant production-perception
relationship in the multiple linear regression analysis
indicates that the contrast of a particular acoustic cue
between tone categories may not be related to the
strength of cue weights given to the corresponding
perceptual dimension at individual level. Given the
small sample size in this study, the non-significant
results may be due to the lack of statistical power. On
the other hand, previous studies have related speech
production to either perceptual cue weights [6] or the
acoustic properties that modulate perception [1, 15].
This study suggests that the first approach may not be
the manner that tone production and perception are
related. However, it is possible that a tone productionperception relationship may instead exist between the
acoustic characteristics of tone productions and the
same properties that modulate tone perception. This
possibility needs to be examined in future studies
using an identification task to measure perception
responses.
In addition, more detailed tone acoustic cues may
be needed to establish a perception-production
relationship [15]. The two main perceptual
dimensions cannot reflect these details since F0
direction corresponds better to F0 slope than to F0
curvature. As a result, this perceptual dimension does
not reflect the within-tone acoustic properties like
ΔF0 and TP, as mentioned previously. Therefore, the
current findings indicate that further studies should
consider specific acoustic parameters in order to
examine the Mandarin tone perception-production
relationship.
To conclude, this study shows an alignment of
perception and production tone spaces at group level
when the dimensions are interpreted as F0 mean and
slope: the more general representations of tone
contours. The non-significant production-perception
link from the multiple linear regression suggests that
more fine-grained acoustic cues that modulate
perception may need to be examined to establish a
tone production-perception link.

4. DISCUSSION
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ABSTRACT
Mandarin third tone sandhi is traditionally
assumed to be incompletely neutralizing in
production but completely neutralizing in perception,
based on metalinguistic judgment tasks in which
participants cannot reliably identify the underlying
tone of syllables neutralized by tone sandhi. We
performed a visual world eye-tracking study to see if
implicit sensitivity to the differences between the
surface forms influences participants' eye movement
patterns, even if they cannot consciously access this
for identification tasks. We found a slight trend in this
direction, with participants looking more towards
orthographic representations that match the
underlying form of the neutralized syllable they hear.
The results are statistically inconclusive, but suggest
that this paradigm may be able to provide evidence
that Mandarin neutralized tones are indeed
incompletely neutralized, and that further research
along these lines is warranted.
Keywords: incomplete neutralization, Mandarin tone
sandhi, third tone sandhi, visual world eye-tracking
1. INTRODUCTION
Incomplete neutralization is common crosslinguistically (e.g., [2]). Some neutralization patterns
are argued to be incomplete in production but
complete in perception: that is to say, two putatively
neutralized sounds have reliable acoustic differences
which can be detected with computer-assisted
measurements statistical methods, but human
listeners cannot reliably detect them when tested. A
classic example of this case is third tone sandhi in
Mandarin. Crucially, two tones, Rising and Low, are
putatively neutralized in a certain context. When a
Low tone (also known as a third tone or "tone three",
hence the name "third tone sandhi") is preceded by
another within the same intonational domain, it is
instead pronounced as a Rising tone (see [3, 12],
among others). For instance, the morpheme written
雨 is normally pronounced [ɥy˨˩], with Low tone; but
when it appears before another Low tone, as in the
compound word 雨伞 [ɥy˧˥ san˨˩] "umbrella", it is
instead produced with a Rising tone, homophonic
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with the morpheme written 鱼 [ɥy˧˥], "fish". This
alternation causes the distinction between Low and
Rising tones to be neutralized in pre-Low positions
that license third tone sandhi. Many acoustic studies,
though, have found that the distinction is not
completely neutralized: a "Rising" tone derived via
tone sandhi from an underlying Low tone tends to be
slightly lower and have a slightly turning point in its
tonal contour (can lose some). On the other hand,
several studies have also shown that speakers cannot
reliably identify the underlying tone in these
incompletely neutralized contexts tone [4, 7, 11, 13].
Nonetheless, some results in the extant literature
do suggest that the subtle contrast between underlying
and sandhi-derived Rising tones may influence
listeners' perception. Zhou and Marslen-Wilson [14]
report auditory-auditory priming effects on Rising
versus sandhi-derived targets, but this may be due to
lexical awareness of the words (as the experiment
used unambiguous bisyllables not designed to test
incomplete neutralization). Liu [4] found that
listeners can accurately discriminate sandhi-derived
and underlyingly Rising tokens in an AXB task, but
accurate discrimination of sounds could be based on
irrelevant low-level or token-specific features rather
than a categorical difference between the two (e.g.,
someone may also be able to accurately discriminate
any two random tokens within the same category as
well). Finally, Speer and Xu [10] report a visual world
eye-tracking experiment in which participants heard
underlyingly or sandhi-derived Rising tone syllables
in a sentence context, and looked at written characters
on the screen. Counterintuitively, when participants
heard the sentence with a sandhi-derived Rising tone
in it, they initially looked at the character
corresponding to the Rising tone more than the one
corresponding
to
the
Low
tone;
also
counterintuitively, when they heard the sentence with
an underlyingly Rising tone in it, they initially looked
at the Low-tone character more than the Rising tone
character. These results are opposite what one would
initially predict (it makes the most sense to assume
that if participants can recognize the difference, they
would look at the appropriate character more than the
inappropriate character). Nonetheless, they are
potentially consistent with the notion that participants

are subtly sensitive to the difference between the
incompletely neutralized tones.
Overall, there is weak evidence that listeners may
be sensitive to the difference between incompletely
neutralized Mandarin tones. Importantly, all the
studies suggesting that listeners are not sensitive to
this difference are based on explicit metalinguistic
judgment tasks, whereas some of the potential
evidence that listeners are sensitive to the difference
comes from online measures like eye movements and
reaction times, which participants do not have direct
control over and which may reflect processes that
participants are not consciously aware of. Because of
these conflicting sets of results, we hypothesized that
listeners may be able to hear the difference between
sandhi-derived and underlying Rising tones at the
unconscious, automatic level, but not able to
consciously access that for a metalinguistic judgment.
We test this with a visual world eye-tracking
experiment, using a design that is essentially a
simplification of that used by Speer and Xu [10].
Participants heard ambiguous bisyllabic words,
without a sentence context, like [du˧˥ pən˨˩], which
might correspond to the word 读本 "reading book",
where the citation form of the first syllable has Rising
tone, or to the word 赌本 "bookie", where the citation
form of the first syllable has Low tone. If participants
are somewhat sensitive to the difference between the
incompletely neutralized tones, they should look
more at the word with an underlyingly Low first
syllable when they hear a token that was spoken as a
production of the word with underlying Low tone,
compared to when they hear a token that was spoken
as a production of the word with underlying Rising
tone. By using single words rather syllables
embedded in sentences, we aimed to reduce potential
complications related to sentence processing and the
plausibility or semantic fit between critical words and
the rest of the sentence.
2. METHODS
All experiment materials, data, de-identified
participant demographic information, and analysis
scripts are available at https://osf.io/ursh9/.
Experiment methods were pre-registered at
https://osf.io/35ang/register/5771ca429ad5a1020de2
872e.
2.1. Participants

60 native speakers of Mandarin (mean age 23.55, age
range 18-34, 48 women and 12 men) with normal or
corrected-to-normal vision and hearing participated.
All experiment procedures were approved by the
Human Subjects Ethics Sub-committee at the Hong
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Kong Polytechnic University (project reference #
HSEARS20171012002). Two additional volunteers
participated in the experiment but their data were not
included in the analysis due to losing track of the eyes
and failure of validation during the experiment.
2.2. Materials

The critical stimuli consisted of 14 pairs of
disyllabic words that were identical in their segmental
structure and differed in the underlying tone of the
initial syllable: the second syllable was always Low,
and the first was underlyingly Low or Rising, but was
always pronounced with surface Rising tone. A
female native Mandarin speaker produced the words
in isolation.
In the eye-tracking experiment, each critical
display comprised four two-character words. Two
words were the target pair, corresponding to the
underlyingly Low-Low and the underlyingly RisingLow interpretations of the auditory stimulus. The
other two words were distractors. In addition to the
14 critical sets, there were 52 filler sets of various
types, designed to prevent participants from deducing
the aim of the experiment or from being able to
anticipate which words in the display would be
targeted before they hear the auditory stimulus.
The critical items were arranged into four lists in
a Latin square design.
2.3. Procedure

The experiment was compiled using Experiment
Builder software (SR Research). Participants’ eyemovements were recorded with a desktop EyeLink
1000 Eye Tracker recording at 1000 Hz (1 gaze
position sample recorded every millisecond). The
experiment began with a calibration of the
participants’ pupil and corneal reflection. This
calibration was followed by the practice session of 4
trials. After any questions were answered, the
experiment began. A trial began with four words
appearing on the screen in Times New Roman size 80
font in white on a black background in a nondisplayed 2x2 grid. The words remained on the screen
for 3000ms (preview time). This time allowed
participants to pre-activate the pronunciations of each
of the words and to familiarize themselves with their
locations. No auditory stimulus was heard during this
presentation. After the 3000ms preview, the images
disappeared, and a fixation cross appeared in the
middle of the screen for 500ms to return the
participant’s gaze to a neutral starting point. As the
fixation cross disappeared, the words reappeared on
the screen in the same locations as during the
preview, and an auditory stimulus was heard though
headphones. This auditory stimulus was the target

Figure 1: Proportion of looks to target. Shaded area represents a difference-adjusted by-participant
Cousineau-Morey interval [1, 6].

word for that trial, heard in isolation. Participants
were instructed to click on the word spoken as quickly
as possible. Once the participant clicked, a blank
screen appeared for 700ms, after which the next trial
began. Both eye-movements (recorded from the
target-word onset in the auditory stimulus) and
selection accuracy were recorded.
2.4. Analysis

Trials in which the participant did not click on
either the Low- or the Rising-tone visual target word
were excluded from further analysis. The hypothesis
that there were more looks to the Low target when
hearing the sandhi-derived than the underlying Rising
stimulus was evaluated with a pre-registered clusterbased permutation test [5]. This involves conducting
a statistical test (in our case, a dependent-samples ttest between the two conditions) at each sample,
forming clusters of adjacent samples that all pass a
pre-determined significance threshhold, and then
evaluating the significance of a test statistic (in our
case, the sum of the test statistics within the largest
cluster) non-parametrically by permuting the data and
condition labels many times [within each participant].
This allows for testing the whole timecourse for the
hypothesis that the two conditions differ, while
controlling for multiple comparisons. For an
explanation of this test see [5]; the R code we used to
implement the test is available in our data analysis
script at https://osf.io/ursh9/. In the Results section
below, all p-values reported are one-tailed p-values
for this cluster-based permutation statistic testing
whether the proportion of fixations to the Low target
was higher when hearing a sandhi-derived Rising
tone than when hearing an underlyingly Rising tone.
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3. RESULTS
Overall, participants clicked on the character
corresponding to the Low-tone target on 56% of trials
when they heard the stimulus with the sandhi-derived
Rising tone, and on 52.6% of trials when they heard
the stimulus with the underlyingly Rising tone. This
is in the direction one might expect if listeners are
sensitive to the difference, but this difference was not
significant in a logistic mixed-effects model with
maximal random effects for participants and items
(b=0.28, z=1.15, p=.249).
The left side of Figure 1 shows the proportion of
looks to the Low target over time, as a function of
which auditory stimulus was heard. The right side
shows the proportion of looks to the Rising target;
while we did not perform statistical analyses on these,
since we only pre-registered analysis for the looks to
the Low target, we show the data here for
completeness. For each condition, the proportion of
fixations peaks around 50% rather than reaching
100%; this is not surprising, since the stimuli are
ambiguous. As in [10], the early portion of the time
window shows a counterintuitive pattern, with
participants looking more at the putatitively
inappropriate target. Crucially, in the latter portion of
the window, participants appear to look more at the
putatively appropriate target: i.e., for targets
corresponding to a word whose first syllable is Low
tone, participants look more at these targets when
hearing a Rising tone that was derived from a Low
tone via tone sandhi, compared to when hearing an
underlyingly Rising tone. This trend was not
significant, however, in our pre-registered statistical
analysis (p=.351). We performed an additional
exploratory cluster-based permutation test, relaxing
the cluster threshhold to p<.3 (as looser threshholds

Figure 2: Difference between looks to Low target in the two conditions, by participant and by item.
Shaded interval represents a two-tailed 95% confidence interval based on the t statistic.

are more sensitive for detecting weak but long-lasting
effects [5], like the one observed here) and calculating
the fixation proportions by item rather than by
participant, since the effects for items were more
stable. This yielded a p=.098 effect, although pvalues are not interpretable for this test since it is not
confirmatory.
Figure 2 shows the pattern across participants and
items. The pattern is much clearer for items, given
that each item had observations from as many as 30
participants per condition, whereas each participant
had observations from only 7 or fewer items per
condition.
4. DISCUSSION
In a visual world eye-tracking we observed
suggestive evidence that participants may be
implicitly sensitive to incompletely neutralized.
Overall, the results are inconclusive, consistent
with both the presence and the absence of a difference
between conditions. On the one hand, the preregistered analysis did not yield a statistically
significant effect, so we are not able to reject the
possibility that the tones are completely neutralized in
perception. On the other hand, visual inspection of the
data suggest that it may not be reasonable to conclude
that they are completely neutralized either (keeping in
mind that failure to reject the null hypothesis is not
the same as acceptance of the null hypothesis), and
exploratory analysis suggests that our pre-registered
analysis plan may not have been as sensitive as it
could have; i.e., if we replicate the study with more
items, and perform confirmatory analysis on a more
stable proportion measure and use a more appropriate
clustering threshhold, then it may be possible to
detect a significant effect. While it would be
premature to conclude that there is a reliable
difference, given that this analysis relied on
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researcher degrees of freedom [8, 9], the results at
least suggest that this paradigm may be capable of
providing evidence for incomplete neutralization in
the perception of Mandarin Low and Rising tones,
and they demonstrate that this issue is worth further
investigation and replication.
A limitation of the study is that, while we used a
large number of listeners and items, the experiment
only used one speaker. Using one speaker is currently
standard for studies in this area (Peng [7], Liu [4], and
Zhang & Peng [13] each used one speaker in their
perceptual tasks, and Wang and Li [11] used two).
Nonetheless,
acoustic
differences
between
underlying and sandhi-derived Rising tones may not
be constant. Therefore, examining the extent to which
incompletely neutralized perception generalizes
across speakers (if it occurs at all) is a valuable
question for future study.
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ABSTRACT
This paper examines the phonetic and phonological
properties of tone and explores the way voiceless
sonorants interact with tone in a previously
undocumented and lesser-known language, namely
Mog (an Arakan tribe settled in Tripura in India).
In this study, a total of 62 words (62 words *4
repetitions *6 subjects = 1488 tokens) with two-way
and three-way meaning contrasts were examined. A
repeated measures ANOVA with a GreenhouseGeisser correction confirm a significant effect of
mean f0 on tone types (F (1.87, 19.9) = .17, p <
0.05) and confirms the presence of three contrastive
tones in Mog, viz., high-falling, mid-rising, and lowrising. We would further argue that the voiceless
sonorants significantly raise the f0 of the following
vowel (18 Hz on average till the 60% of the total
rhyme, when compared to the voiced counterparts,
(F [1.11, 17.) = .15, p < 0.00).
Keywords: Mog, tone, voiceless sonorant.
1. INTRODUCTION
In this paper, we first explore the phonetic and
phonological properties of tone in a previously
undocumented language viz. Mog. Mog is an
Arakan tribe who migrated to (southern) Tripura (a
north-eastern state) in India. No previous studies
have been conducted on Mog at any (linguistic)
level in general and tone in particular. To the best of
our knowledge, this is the first attempt that initiates
an exploration of the acoustics and phonological
properties of tone in this language.
The Mogs were a tribe from the Arakan Hills who
eventually migrated to Chittagong Hills first, before
settling down to Tripura in and around 1950.
Considerable Mog pockets could be seen in the
districts such as Subroom, Shantirbazar, Belonia in
southern Tripura and Ambasa district in the Dhalai
Tripura. According to the 2011 Census Report of
India, the Mog people are estimated to be around
38,000 in Tripura. On paper, they are the sixth
largest indigenous community of this state; though,
the ground reality is that most of the younger
generation speakers aren’t too comfortable in using
their mother tongue. Most of the native Mog
speakers are bilingual and follow (either Noakhali or
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Sylheti) Bangla, the dominant language of the state.
In 2013, Mog study materials were introduced in a
few schools in this state to revitalize this highly
threatened language. The Mogs initially used to
write in Arakan script; however, most of younger
and middle-aged generation speakers do not follow
the original script. The native speakers informed us
that they are trying to develop a new writing system
keeping in mind the younger speakers. We speculate
that Mog is a variety of Marma (one of the LoloBurmese language belonging to the Sine-Tibetan
language family).
The primary goal of this paper is to explore the tonal
properties of this language. We have developed a
mini-corpus of around 1000+ lexical items over the
years. We have also recorded around 500+ (various)
sentences including a few folk stories. The analysis
of the corpus gathered from a multiple number of
native speakers confirm the presence of 25
consonants (viz., 9 plosives /p, pʰ, b, t, tʰ, d, k, kʰ, ɡ/,
6 nasals /m̥, m, n̥, n, ŋ̥, ŋ/, 2 tap/flap /ɾ̥, ɾ/, 4
fricatives /s, z, ʃ, h/, 2 approximants /w, j/, and 2
lateral approximants /l̥ , l/) and 7 vowels (viz., / i, ɛ,
ə, a, ɔ, o, and u/) in this language. Interestingly,
nasals and sonorants maintain [±] voice contrasts in
Mog ([m̥ia] ‘fishing hook’ [mia] ‘wife’, [l̥ i] ‘boat’,
[l̥ i] ‘bow’, [li] ‘air’).
The following section describes the methodology
adopted for exploring the tonal property of Mog.
2. ACOUSTIC ANALYSIS OF LEXICAL TONE
IN MOG: METHODOLOGY
We conducted a controlled production experiment to
examine the presence of possible tonal contrasts in
Mog. During our pilot study, we noticed the
presence of a few homophonous pairs with two-way
and three-way meaning contrasts. The lists were
further refined after consulting the primary subjects,
and a total of 62 words were selected for the
production experiment. The tones (if any) would be
distinguished based on the phonetic pitch differences
(realized as fundamental frequency or f0). Variations
in the pitch of the vowels (the voiced portion of the
vowel plus any sonorous coda) of the otherwise
homophonous pairs will be considered to be an
indicator of tonal contrasts in this language.

2.1. Subjects, materials and recording procedure

Six native speakers (3 males, 3 females), aged
between 18 and 56 years from the Shantirbazar
district of south Tripura participated in the
production experiment. The dataset contained 62
lexical items (the dataset is not included due to space
limitations). The target words were embedded in a
fixed sentence frame of “I say X”, where X is the
target word. A priming sentence was first used to
elicit the target words, followed by the target word
in the fixed carrier frame. All the words (along with
their priming sentences) were manually randomized,
and the Subjects were instructed to produce the
scripted sentences naturally. A head-worn
unidirectional microphone connected with a digital
recorder was used for recording. All the sentences
were digitized at a sampling frequency of 44.1 KHz
and 32-bit resolution. Four repetitions of each of the
target word (embedded in the carrier frame) were
recorded. A total of 1488 tokens (62 words *4
repetitions *6 subjects) were examined.
All the f0 related measurements (f0 measured at
various points such as mean f0, maximum f0,
minimum f0, f0 at vowel mid-point), were made
over the voiced part of the rhyme of the target word.
However, duration and intensity were measured for
the vowel only. A Praat script was written to
measure the pitch contour at every 10% of the total
duration of each pitch bearing rhyme (vowel + any
sonorous coda [if any]). Pitch was thus calculated at
11 consecutive points- starting from the onset [0%])
till the offset [100%]), across the duration of each
vowel (the rhyme); thus, each point represents 10%
of the total length of the pitch track. Percentage-wise
pitch values were averaged across all the four
iterations of each word produced by each speaker
separately, and was plotted as a line graph to
observe the distinct pitch contours.
2.1.1. Acoustic analysis of f0: Monosyllabic words
To understand the possible tonal contrasts in Mog,
we first examined the minimal pairs with two-way
meaning contrasts. The averaged percentage wise
pitch values (averaged across all the iterations of
each word) produced by each speaker were used to
draw line charts for visual examination. Figure 1
displays the contrastive tonal pairs produced by each
speaker.

The [l̥ i] series (Figure 1) displays contrastive tone
(viz. a rising and a falling) tone in Mog- /l̥ ǐ/ ‘boat’
and /l̥ î/ ‘bow’. As mentioned above, we also
gathered minimal sets with three-way and (a couple
of) four-way minimal pairs. Therefore, to understand
the nature of contrastive tones in Mog, we examined
the words with three-way lexical contrasts (Figure
2).
Figure 2: Raw pitch tracks for [ŋa] series,
averaged for each speaker separately, (n=4 for
each word).

The raw f0 data (averaged across four repetitions)
of the individual subject does not indicate the
actual nature of contrastive tonal pairs, possibly
due to the effect of gender and age. To counter
this problem, we, therefore decided to use timenormalized f0 contours (averaged across all the
speakers and iterations) to observe the visual
differences (Figure 3 and Figure 4).
Figure 3: Time-normalized averaged pitch tracks
for [ŋa] series with three-way tonal contrasts (/ŋâ/
‘five’, /ŋǎ/ ‘fish’ and / ŋa᷅/ ‘I’); (n=24 [4 repetitions
* 6 subjects] for each word).

Figure 1: Raw pitch tracks for [l̥ i] series, averaged
for each speaker separately, (n=4 for each word).
Figure 4: Time-normalized pitch tracks for [tʃʰi]
series with three-way tonal contrasts (/tʃî/ ‘wash’,
/tʃǐ/ ‘medicine’ and /tʃi᷄/ 'bitter'’); n=24 [4
repetitions * 6 subjects] for each word).
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2.2. Statistical Analysis

The time-normalized f0 contours (averaged across
all the speakers and iterations) confirm three-way
tonal contrasts in Mog namely high-falling, midrising, and low-rising. Similar f0 tracks were also
observed for all the remaining pairs with three-way
meaning contrasts (not reported in this paper).
2.1.2. Acoustic analysis of f0: Disyllabic words

Like the monosyllabic words, the averaged pitch
contours of the disyllabic words also demonstrate
two-way (Figure 5, /āsɔ̀/ (high-falling) ‘nest’ and
/àsɔ́/ (low-rising) ‘new’) and three-way tonal
contrasts (Figure 6, /ákʰà/ ‘branch’, /ākʰá/ ‘season’,
/àkʰá/ ‘bitter’) in Mog. Further, it is also noticed that
tonal contrasts are realized in both the syllables of
the bi-syllabic words.
Figure 5: Time-normalized pitch tracks for [asɔ]
series /āsɔ̀/ with two-way tonal contrasts (highfalling) ‘nest’ and /àsɔ́/ (low-rising) ‘new’), n=24
[4 repetitions * 6 subjects] for each word.

Figure 6: Time-normalized pitch tracks for [akʰa]
series with three-way tonal contrasts (/ákʰà/
‘branch’, /ākʰá/ ‘season’, /àkʰá/ ‘bitter’); n=24
[4 repetitions * 6 subjects] for each word.

To confirm the differences between the tonal
categories, we conducted a statistical test. Since all
the tokens were repeated four times by all the
subjects, we preferred RM ANOVA. In the ANOVA
test, tone types (three tones) were kept as a fixed
factor, speakers (6 subjects) as a random factor and
the mean f0, duration, and intensity of all the words
(62 words *4 repetitions *6 subjects = 1488 tokens)
were kept as the dependent variable. The RM
ANOVA with a Greenhouse-Geisser correction
confirm a significant effect of mean f0 on tone types
F (1.87, 19.9) = .17, p = 0.00. A subsequent post hoc
tests using the Bonferroni correction revealed a
significant difference (mean f0) between Tone 1 and
Tone 2 (p <0.05), Tone 2 and Tone 3 (p <0.05), and
Tone 3 and Tone 1 (p <0.05). The test also confirms
that f0 is the only significant acoustic correlate of
tone in Mog.
3. INTERACTION BETWEEN
(CONTRASTIVE) TONE(S) AND [±] VOICE
SONORANTS
Much has been explored the way (stop) consonants
modify the pitch of the following vowel (voiced
consonants reduce the f0 of the following vowel,
whereas voiceless consonants may even raise the
f0), however, very little is known whether [±voice]
sonorous consonants maintain consistent pattern of
such raising and lowering (this may be due to the
fact that sonorous consonants are universally
[+voice]). Since Mog allows voicing contrasts
among the nasals and laterals ([m̥ia] ‘fishing hook’
[mia] ‘wife’, [l̥ i] ‘boat’, [l̥ i] ‘bow’, [li] ‘air’), we
examined the way pitch is realized in contexts where
there are following [±] voice contrasts among
sonorous consonants. Figure 7 ([±] voice nasal, m̥iá/
‘fishing hook’ and /mià/ ‘wife’) and Figure 8 ([±]
liquid; /l̥ ǐ/ ‘boat’, /l̥ î/ ‘bow’, and /lì/ ‘air’) show the
effects of [±voice] sonorants on tone types in Mog.
Figure 7: Time-normalized pitch tracks for /m̥iá/
‘fishing hook’ and /mià/ ‘wife’, (averaged across
all the speakers and all the repetitions, (n=24 [4
repetitions * 6 subjects] for each word).
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Figure 8: Time-normalized averaged pitch tracks
for /l̥ ǐ/ ‘boat’, /l̥ î/ ‘bow’, and /lì/ ‘air’ (averaged
across all the speakers and all the repetitions,
(n=24 [4 repetitions * 6 subjects] for each word).

Generally, we concur with Blevins (2018) that there
are recurrent phonetic properties in voiceless
sonorants, that is, longer duration in the voiceless
than their voiced counterparts. Voiceless sonorant
consonants arise from RH or HR clusters (or HM
HN as in Mog) as pointed out by Blevins, and
therefore the markedness of such clusters should be
prioritized. We propose here, that notwithstanding
the markedness of such clusters, it is the phonetic
attributes of voiceless sonorants such as longer
duration (on average 20ms more than the voiced
counterparts) (Figure 9) and raised f0 (Figure 10),
etc. which make the contrast between voiceless and
voiced sonorant consonants possible. Additionally,
we have shown here that such distinctions are more
pronounced when there is a contrastive tone as well.
Figure 9: Duration of voiceless and voiced onset
consonants /l̥ / and /l/ with standard deviation as
error bar (averaged across all the speakers and all
the repetitions, n=24 [4 repetitions * 6 subjects] for
each word).

Figure 10: Mean f0 of the vowel when preceded by
voiceless (also specified for distinct tone) and voiced
lateral with standard deviation as error bar (averaged
across all the speakers and all the repetitions, n=24 [4
repetitions * 6 subjects] for each word).
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A successive statistical test confirms that the rise in
f0 following the voiceless sonorants is statically
significant (18 Hz on average till 60% of the total
rhyme, when compared to the voiced counterparts,
(F [1.11, 17.) = .15, p = 0.00) (Figure 10). It has also
been observed that even though the voiced sonorants
lower the pitch of the following vowel (till 50% to
60% of the total rhyme) (please see Figure 7 and
Figure 8), the pitch gradually increases towards the
final portions of the rhyme (60% to 100%),
indicating that the presence of voicing contrasts
among the sonorous consonants may modify the
voice quality (we did not report that in this paper) of
the following vowel.
4. CONCLUSION
This paper examines the status of lexical tone in
Mog and establishes with acoustic and statistical
evidence that Mog preserves a three-way tonal
contrast- high-falling, mid-rising, and low-rising.
Further, we have also explored the way voiceless
sonorants modify tonal properties in Mog. We also
noticed the absence of a glottal pulse (voicing) (at
least till 20%-30%) in the vowel spectrogram
following the voiceless sonorant. We speculate that
the voicing properties of the sonorous consonants
may even modify the phonation qualities of the
vowels carrying contrastive tones (not reported in
this paper). Nonetheless, this study attempts to
explore the tonal properties of this lesser known
endangered language at length, which is first of its
kind. We believe that the findings and analysis
carried out in this paper will contribute to a better
understanding of the typologically rare phenomenon
of contrastive voiceless and voiced sonorants and
their interaction with contrastive tones.
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ABSTRACT
Previous studies have found that musicians typically
discriminate Mandarin tones better than nonmusicians. However, the relationship between
musical experience and tone perception is unclear. In
the current study, 39 monolingual native English
speakers with no previous experience of tone
languages and a range of musical backgrounds (non-/
amateur musicians) completed 6 tasks, including
lexical tone identification, working memory, L1/L2
segmental perception and the Goldsmiths Musical
Sophistication Index which measures musical ability/
experience. Path analysis showed that pitch interval
discrimination (PID), but not musical ability or
musical training, directly predicted tone
identification. There was no relationship with
working memory or L1/L2 segmental perception.
Follow-up mixed effect models showed that Tone1
and Tone4 identification was associated with PID,
musical ability and musical training, whereas Tone2
and Tone3 identification was only associated with
musical training and PID respectively. Overall,
musical training appears to be linked to PID, which
in turn leads to better tone identification.
Keywords: Mandarin tone identification, amateur
musicians, pitch interval discrimination
1. INTRODUCTION
It is well-established that for non-tonal language
speakers, e.g., English native speakers, learning a
tone language like Mandarin Chinese can be very
difficult (e.g., [11, 12]). For example, Mandarin has 4
lexical tones, a high level (Tone1), rising (Tone2),
dipping (Tone3), and falling (Tone4) tone. Although
similar pitch patterns are used in English intonation
to signal pragmatic meaning, learning to use pitch at
the lexical level is particularly challenging for
learners, e.g., [11].
Of course, pitch also plays an important role in
music [23], and previous research has suggested that
learners with musical training may be able to transfer
their ability with pitch in music, in particular musical
intervals [2], not only to their perception of pitch in a
native language [28], but also to a second language
(L2; [18]). Indeed, neuroimaging studies have shown
that there are both structural [15] and functional [10,
17] brain differences between musicians and non-
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musicians. For example, musicians are better at
tracking linguistic pitch changes than are nonmusicians; musicians’ brainstem responses show
more faithful representation of the F0 contours and
more robust neural phase-locking particularly for
Tone3, the most complex tone contour [31, 23]. One
possibility is that this lower level processing
advantage, facilitated by musical training, enhances
tone identification, in particular for Tone2 and Tone3,
which are the most confusing pair among the four
Mandarin tones [32].
Indeed, musical training has also been shown to
predict the ability to perceive tone. For example,
recent research [6] measured lexical tone
discrimination in non-musicians and professional
musicians with no previous experience with
Mandarin, using Mandarin monosyllables. Musicians
significantly outperformed non-musicians, indicating
that musical expertise and melodic proficiency
predict lexical tone discrimination. Likewise,
musicians who have been playing for longer, are
better at identifying lexical tone than those with
fewer years’ training [4].
However, how musical ability, musical training
and pitch interval discrimination function together to
benefit musicians in lexical tone identification
remains unclear. Previous research has suggested that
musical training does not just lead to better linguistic
pitch processing [31], but that it also leads to wider
changes in general speech processing [9, 21] and
cognitive processing, such as attention and auditory
working memory (WM; [8]). Given that these
abilities are also closely linked to L2 segmental
perception and learning more generally (e.g., [20]), it
might be these changes rather than any advantage for
pitch itself that means musicians are at an advantage
when learning Mandarin tones.
In the current study, we measured musicians and
non-musicians’ performance on a range of tasks to
further investigate how musical training is linked to
tone language learning. Native English speakers with
no previous experience with Mandarin, and from a
range of musical backgrounds, completed a lexical
tone identification task, a pitch interval
discrimination (PID) task, verbal & melodic WM
tasks, and L1 and L2 consonant categorization and
discrimination tasks. Musical ability was measured
using the Goldsmiths Musical Sophistication Index
questionnaire (Gold-MSI; [22]), a psychometric tool
for the measurement of musical attitudes, behaviours,

and skills. This enabled us to explore the effects of
musical experience in more depth than in previous
studies, which have typically focused on the number
of years of instrumental training. Based on previous
studies, we predicted (1) that there would be
differences between participants in terms of lexical
tone identification, and (2) that these differences
would at least in part, be related to musical
experience, such that Tone1 and Tone4 would be
relatively easy to identify for all participants, but that
musicians might have an advantage for Tone2 and
Tone3.
2. METHODS
2.1. Participants

Thirty-nine monolingual native English-speaking
participants (age 18-35, M=24.51, SD=4.44) were
tested. Participants had no history of speech, hearing
or language impairment, and no experience with
tonal languages. We aimed to recruit participants
with a range of musical experience including formal
lessons and informal practice on musical instruments
and singing.

estimate the points on the continuum where the
stimuli were labeled as one word of the pair [19].
The initial step size was 10 ms, reduced linearly to 4
ms over the first 3 reversals. The task ended after 7
reversals or a maximum of 40 trials. The measure
used here was participants’ average slope across both
the /b-p/ and /k-g/ continua.
2.2.4. L2 Consonant Discrimination
To investigate participants’ ability with unfamiliar L2
contrasts, participants completed a forced-choice 3way oddity task in which they were tested in their
ability to discriminate uvular, /q/, and palatal, /c/,
plosives from their native velar plosive, /k/. These
were selected because English listeners typically
assimilate both uvular and palatal sounds to their
native velar consonants. Participants heard plosives
produced by 3 female phoneticians, in 3 different
VCV contexts, /iCi/, /ɑCɑ/ or /uCu/. Participants
heard all 6 combinations of each minimal pair
presented 3 times, giving a total of 72 trials. Trials
were presented in a randomized order using Praat [3].
The measure was proportion correct.
2.2.5. Tone Identification (ToneID) Task

2.2. Stimuli and Materials

2.2.1. Reading Span
Verbal WM was measured using a reading span task
[30]. Participants are asked to read aloud blocks of
2-6 sentences and at the end recall all the final words
of the sentences within 7 secs. There are 100
sentences in total, and the measure is the number of
words correctly recalled. Stimuli were presented
using Psychopy2 [24] and the answers were recorded
manually by the researcher.

Participants identified the 4 Mandarin tones
embedded in 5 different monosyllabic Mandarin
words, produced by a male and female Mandarin
native speaker. They identified each word for each
speaker only once, giving a total of 40 responses (10
per tone). As the participants had no experience with
any tonal language, they were briefly introduced to
the Mandarin tones and the corresponding tone
marks used to give responses. The experiment ran in
Praat [3]. The measure was proportion correct.
2.2.6. Pitch Interval Discrimination Task (PID)

2.2.2. Melodic WM Task
Melodic WM was measured using a melodic memory
test [13]. There were 20 trials in total. On each trial,
participants heard 3 versions of an unfamiliar
melody, 3-16 notes in length, played in different keys
but with only one containing an altered note (i.e., a
different interval). Listeners’ task was to spot which
melody was the “odd one out”. Participants gave
their response by clicking the corresponding number
(1, 2 or 3) on the computer, running RStudio [27].
The final score was calculated using Item Response
Theory [5].
2.2.3. L1 Consonant Categorization
Participants completed a forced-choice identification
task, in which they heard synthetic continua varying
in 50 equal steps from pea-bee [14] and coat-goat
[25]. A modified Levitt procedure was used to
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The stimuli in this test were pure tones, 400ms in
duration and ranging in frequency from 392Hz (G4)
to 416Hz (G#4) in steps of 2Hz. This gave a total of
13 tones. Each tone was paired with each other in
both a rising and falling combination, with an ISI of
100 ms, giving a total of 24 pairs. On each trial
participants reported whether the 2nd tone was
higher or lower than the 1st by clicking “higher” or
“lower” on the computer screen. They completed 3
repetitions of each pair, presented in a random order.
Performance was calculated with hitting rate minus
false alarm rate [29].

2.3 Procedure

Participants completed the tasks in the order in which
they are described above, followed by the Gold-MSI
[22]. Testing took place in a sound attenuated booth
and lasted 80 mins, including breaks.

Figure 1: The path model used toneID (ti), PID
(pid) and musical ability (abl) as endogenous
variables, and musical training (trn) as exogenous
variable.

3. RESULTS
Initial independent t-tests compared the performance
of participants with more musical training (N=19)
and those with less musical training (N=20) grouped
according to their Gold-MSI musical training score.
Those with a score higher than the median
(Median=19) were assigned to the more musical
training group and those with a score equal to or
lower than the median, to the less musical training
group. The results showed that there were differences
in performance between the two groups in terms of
ToneID (t(37)=-2.61, p<0.05), PID (t(28.07)=-3.14,
p<0.05), and musical ability (t(30.66)=-2.96, p<0.05).
Participants with more musical training outperformed
those with less musical training in ToneID and PID,
and as expected, scored higher in terms of musical
ability as measured using the Gold-MSI [22]. There
were no significant differences in any other tasks.
To investigate if performance on these tasks
predicted ToneID performance, path analysis was
used. Preliminary Pearson correlations between
ToneID and all other tasks, i.e., predictor variables,
showed that ToneID was significantly correlated with
all measures (R=0.37 to 0.51, p<0.05) except for L1
categorization and melodic memory. Among these 5
predictors, PID, musical training and musical ability
were forwarded to the path analysis due to their high
correlation coefficients (R=0.51, 0.47 and 0.43
respectively, p<0.05).
The path model (Fig. 1) was fitted using lavaan
[26], an R package for structural equation modelling.
The model showed a good fit; χ2(1)=0.07, p=0.93,
CFI = 1.00, RMSEA =0.00, SRMR =0.004.
However, only PID had a significant direct influence
on ToneID (β=0.37, p=0.01). Neither training
(β=0.17, p=0.28) nor ability (β=0.27, p=0.056) had a
significant direct influence on ToneID, although
training appeared to significantly influence musical
ability (β=0.46, p<0.01) and had an indirect influence
on ToneID, with PID as a mediating variable
(β=0.46, p<0.01). Follow-up mixed effect models
were built in R [27], using the lmer function of the
lme4 package [7] to investigate how identification of
the different Mandarin tone types interacted with PID
(Model1), musical ability (Model2) and musical
training (Model3) to affect ToneID. In each model,
tone type together with either PID, ability or training
respectively were coded as fixed effects, with ToneID
as the dependent variable and participant as a random
effect.
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A type II ANOVA was applied to each model.
Model1 indicated that there were significant main
effects of PID (F(37)=13.07, p<0.01) and tone type
(F(1515)=4.41, p<0.01), and a significant interaction of
PID and tone type (F(1515)=2.62, p<0.05). Similarly,
there were significant main effects of training
(F(37)=10.20, p<0.01) and tone type (F(1515)=6.60,
p<0.01), and a significant interaction of training and
tone type (F(1515)=4.49, p<0.05) in Model3. However,
in Model2, the interaction between ability and tone
type was not significant (F(1515)=2.41, p=0.065),
although the main effect of the two fixed effects was
significant (ability: F(37)=8.44, p<0.01; tone type:
F(1515)=2.67, p <0.05).
Figure 2: Graph to show the relationship between
the estimated marginal means of tone identification
score and pitch interval discrimination. The ribbon
represents for the SE from the model output.

!

A follow-up pairwise t-test was conducted for
each model, using tone type and either PID, musical
ability or musical training as the independent
variable, and ToneID score for different tone types as
the dependent variable (Figs 2-4). As displayed in
Fig. 2, participants with higher PID scores performed
significantly better at identifying Tone1 (t(99.47)=2.34,
p<0.05), Tone3 (t(99.47)=2.87, p<0.05) and Tone4
(t(99.47)=4.41, p<0.01) than those with lower PID
scores. Participants with better musical ability also
performed better with Tone1 (t(92.55)=3.13, p<0.01)
and Tone4 (t(92.55)=3.27, p<0.01), but the ability did
not significantly affect identification of Tone2 or
Tone3 (Fig. 3). The more musical training
participants had, the better they were at identifying
Tone1 (t(94.88)=2.38, p<0.05), Tone2 (t(94.88)=2.03,
p<0.05) and Tone4 (t(94.88)=4.61, p<0.05). However,

more musical training did not lead to better
identification of Tone3 (Fig. 4).
Figure 3: Graph to show the relationship between
the estimated marginal means of tone identification
score and musical ability score. The ribbon
represents for the SE from the model output.

!
Figure 4: Graph to show the relationship between
the estimated marginal means of tone identification
score and musical training score. The ribbon
represents for the SE from the model output.

!

4. DISCUSSION
To investigate the relationship between music and
lexical tone perception, we measured participants’
ability in a variety of tasks, including tests of WM,
L1 & L2 segmental speech perception, lexical tone
and pitch processing. Musical experience was
measured using the Gold-MSI [22], a self-report
questionnaire which provides a nuanced measure of
engagement with music, separating out measures of
musical ability from musical training (i.e., experience
of learning an instrument or studying singing).
Consistent with previous research [e.g., 1],
musical training affected participants’ identification
of lexical tone. In addition, there was also a
significant influence of musical training in terms of
PID, musical ability and training, as expected.
However, the path model indicated that pitch interval
discrimination (i.e., performance on the PID task),
rather than either musical training or ability, directly
predicted tone identification. That said, the
relationship is complex; musical training has a strong
and significant direct influence on pitch interval
discrimination. It is thus not the case that just having
high pitch interval discrimination necessarily leads to
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better tone identification. Indeed, inspection of the
data revealed that some non-musicians performed
similarly to musicians on the PID task, but despite
this, did not perform as well as musicians with an
equivalent PID score on the ToneID task. Similarly,
although more musical training leads to better
musical ability, as measured in the Gold-MSI [22],
musical ability alone does not lead to better tone
identification.
Among the 4 Mandarin tones, Tone1 and Tone4
are commonly considered to be easier to identify for
listeners with no prior experience with a tonal
language [16], whilst Tone3 is considered the most
confusable [31]. This was reflected in our results, and
again, there were also links with PID and musical
training. Specifically, the mixed effect models
showed that Tone1 and Tone4 were significantly
easier for those who had higher PID and musical
ability scores regardless of whether or not they had
completed any musical training. However, musical
ability alone was not sufficient for successful
identification of Tone2 and Tone3. Although
identification of Tone2 appeared to rely primarily on
musical training, successful identification of Tone3
was related to pitch interval discrimination. Thus,
even with musical training, learners who performed
poorly on the PID struggled to identify this tone
reliably. Given the finding that musical training also
leads to improvements in PID and musical ability,
this further suggests that musical training likely
directly or indirectly leads not only to better
identification of Tone2 and Tone3, but can also
improve identification of Tone1 and Tone4. This may
explain why amateur musicians performed better
than non-musicians on the ToneID task overall, even
though PID was the only direct predictor.
In sum, the current study contributes to our
understanding of how listeners with no previous
experience of tone languages process lexical tone,
and how this is affected by musical experience. Our
results extend the findings of previous studies
showing differences in tone identification between
musicians and non-musicians, demonstrating that
both formal and informal musical training and
practice, influences lexical tone identification,
although the relationship is not direct. Moreover,
pitch interval discrimination, musical ability, and
musical training appear to affect identification of
different tones differently. The results further
underline the complex nature of the relationship
between music and speech. In particular, although a
certain amount of musical training does indeed
appear to benefit lexical tone perception, musical
training alone does not appear to lead directly to
better tone identification. Rather, musical training
appears to enable learners to transfer their ability
with pitch to processing lexical tone.
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ABSTRACT

second word will be lower than the note for the
first [1, 2, 3]. Furthermore, singers will often add
in rising contour information during performance,
even when that information is not explicitly
included by the composer [2, 5].
While there is known to be a high
correspondence between sung and spoken
melodies in Cantonese songs, this correspondence
is by no means absolute. Studies examining the
level of correspondence between Cantonese sung
and spoken melodies have found proportions of
correspondence ranging from 79.2% in 6
children’s songs [8] to 90.7% in 6 popular songs
[2] to 91.81% in 4 popular songs [3]. This leaves
a small but interesting proportion of non-matching
sections of contour. This paper presents a study
looking at whether mismatches of this kind are
perceived to be aesthetically acceptable to native
Cantonese listeners.

Representations of tones in Cantonese songs
have been studied extensively from a
compositional point of view. In contrast, the
perception of lexical tones in sung Cantonese
music has received significantly less attention.
Existing research has looked at lexical
comprehension, but perceptual acceptability has
not been examined. This study compares
Cantonese
native
speakers’
acceptability
judgments for short melodies that contain either
matches or mismatches between the musical
spoken and sung melodies. Results show that
native Cantonese listeners prefer musical contours
that match the tonal contour of the spoken tones
of the language.
Keywords: Cantonese, tone, music, singing,
perception.

TONE

1. INTRODUCTION
Cantonese is well known for its relatively rigid
correspondence of song melodies to contours that
reflect spoken language pitch contours [1, 2, 3, 4,
5]. While spoken Cantonese has a six-tone system
(Table 1), songs in Cantonese typically conflate
the six tones into three registers based on the final
target tone: tones 1 (55) and 2 (35) form one
register; tones 3 (33) and 5 (23) form another; and
tones 4 (21) and 6 (22) form a third [1].
A song’s musical score reflects these registers
in the contour of the song [1, 2, 3, 6, 7]. For
example, if the lyrics contain a word with either
tone 1 (55) or tone 2 (35) followed by a word with
tone 3 (33) or tone 5 (23), the melody will most
often have a falling contour; the note for the

GLOSS

絲
[si]

1

high level

(55)

‘thread’

士
[si]

2

high rising

(35)

‘cheese’

肆
[si]

3

mid level

(33)

‘to unbridle’

匙
[si]

4

low falling

(21)

‘key’

市
[si]

5

low rising

(23)

‘market’

豉
[si]

6

low level

(22)

‘black bean’

Table 1: The six Cantonese tones showing a minimal
set on [si]
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2. METHODS

Stimuli were presented twice over 2 blocks (a
total of 64 tokens) and were randomized within
each block with a break in between. Participants
were told that the stimuli were possible jingles for
different prospective products and were asked to
judge the acceptability of the jingles based on the
predicted publication effects of these jingles for
the products. After each jingle, participants were
asked to indicate their preference to the jingle on a
5-point Likert scale [12] where 1 indicated that
the jingle was “utterly unacceptable” and 5 that
the advertisement was “very agreeable”.

Sixteen Hong Kong-raised native Cantonese
speakers, ages 19 to 25, were paid to participate in
this study. The stimuli consisted of speciallycomposed musical couplets disguised as an
advertising jingle. These were jointly composed
by three native speakers of Cantonese, all with
musical training, one of whom had extensive
training in composition. Each jingle consisted of
10 syllables divided into two 5-note phrases, with
the target (the syllable [si] with tones as in Table
1) appearing as the final syllable of the first
phrase. Variants of each jingle were composed
where the musical pitch of the target word was
shifted without changing the underlying harmonic
structure of the music. Therefore, for each jingle,
at least one version always followed the
proscribed tonal contour of the spoken phrase; the
others varied either by opposing the spoken
contour direction or were in the correct direction
but of differing intervals. These are given in the
Appendix. For each melody, one note was deemed
to be the “most acceptable” version of the melody
by the three speakers involved in the composition.
Each melody, therefore, had four versions: one of
which followed the “chosen” contour and three of
which varied by different degrees. Each stimulus
ends with a note from the final chord. It gives us 4
different options, which varies by different
contour and interval. Each melody also had one
distractor version where the melody deviated at
the 10th note instead of the fifth; two further
distractor jingles with no tonal matching at all
were also created. This produced a total of 32
different stimuli.
A separate background music track was
created for each jingle. All versions of each jingle
were recorded by a single singer with a Samson
C03U mic using Audacity [9] and the
corresponding background music was dubbed
onto the singing recording with Final Cut Pro X
[10]. The experiment was presented as a rating
task in OpenSesame 3.2.4 [11] on an iMac 2017
computer through AKG K240 headphones.
Participants were seated in a sound-attenuated
booth at the University of British Columbia.

3. RESULTS
Participants’ ratings were collated and are
presented graphically in Figure 2 showing mean
ratings across all participants, ranked from most
acceptable to least acceptable.
The melody variation for each tone is labelled
(y-axis) according to tone number and variation.
The version deemed best by the composing panel
is marked with an asterisk; the remaining three
versions are lettered a, b, and c, starting from the
lowest pitched note and moving up. Those with
the highest ranking by participants are given as
black bars, and those ranked lowest are marked by
stripes. The distractor jingles are not included in
this graph.

Figure 1: Highest (left) and lowest (right) ranking
contours for each tone. Numbers under each note
indicate tone of syllable set to that note. Diamondheaded notes mark predicted note, where different from
actual results.
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Tone 2 should in principle behave in the same
way as a succession of high level tones [2, 3, 8].
In setting text to music, the rising contour on tone
2 is eliminated and the final pitch target equivalent to the high level tone 1 - is used as the
tone in the song. Based on this, we would expect
to see a tone 1 - tone 2 sequence to pattern along
with the 3-3 and 6-6 patterns discussed above.
However, in this case, the most endorsed variation
(3.59 ±0.98) is the rising tone. It should be noted
that the level variation (2b) was very close in
rating (3.53 ±0.98) and is not significantly
different from the level contour. Version c, with
an upward contour is least preferred, with a mean
rating of 2.34 ±1.00. Interestingly, a drastic
melodic drop, as shown in version a (mean rating
2.375), is judged to be equally unpleasant (2.38
±0.83, not significantly different).
The contours for tones 1 and 5 would also be
expected to be viewed similarly as they both
consist of a tone 4, the lowest tone, followed by a
higher tone (tone 1 is the highest tone and tone 5,
the mid-rising tone, should be treated as a midlevel tone). In both cases, the participants’ highest
ranking choice matches the panel’s predicted
choice (tone 1: 3.84 ±0.92; tone 5: 2.97 ±0.78).
Equally, the least preferred variation was one with
a flat musical contour (tone 1: 2.31 ±0.90; tone 5:
2.44 ±0.80). The participants’ lowest ranking for
tone 5 is not significantly different from the
panel’s choice.
The contour for tone 4 goes from the highest
tone (tone 1) to the lowest tone (tone 4). The
musical melody that is ranked highest (3.53
±0.65) is the one with the largest melodic drop larger even than the interval predicted by the
panel. The lowest ranked was the level contour
(2.34 ±0.90). One very interesting observation
coming from this set of variations is that the
highest and lowest ranking versions are actually
the same note, just an octave apart. This suggests
that contour is more important to the realization of
tone in music than harmonic structure. The exact
interval, however, also seems not to be strongly
preferred. This can be seen in the results from
tone 1 where an equivalent tone separation
(lowest to highest) does not show a preference for
an octave.

Figure 2: Participants’ mean ratings on all stimuli.
Black bars indicate highest ranked variant for each
tone; striped bars indicate lowest ranked variant.

4. DISCUSSION AND CONCLUSIONS
The version of each jingle judged to be the best by
participants corresponded with those thought to be
best by the preliminary panel with the exception
of tone 4. For this tone, participants preferred the
version with the largest falling interval over that
predicted by the composition panel.
The contours for tones 3 and 6 both consist of
a repeated level tone. In both cases, listeners
agreed with the panel that the best representation
is to repeat the note (mean ratings of 3.66 ±0.91
and 3.59 ±1.01 respectively). In both cases, the
lowest ranked variation was a rising contour
(contra the panel’s prediction that the large falling
interval would be considered even worse for tone
3). The lowest ranked variations (tone 3: 2.59
±0.98 and tone 6: 2.16 ± 0.77) in both cases
involved contours that were rising. This is not
only against the tonal contour but also a contour
against the natural declination of speech so this
may also be having an influence on listeners’
preferences.
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One unusual finding not noted in Figure 2 was
the unexpected high ranking of one of the
distractors. The two full distractor phrases were
created with one native speaker writing two short
phrases in the same style as the stimuli and
another speaker writing a melody without any
reference to the words and the two were simply
put together on the assumption that this would
produce a randomly mismatched musical phrase.
One of these was, by far, the lowest ranked jingle
(1.78 ±1.01). However, the other one ended up
being surprisingly popular with a mean score of
2.88 ±1.43 (but note the large standard deviation).

The results from the present study support the
prediction that native Cantonese listeners will
prefer musical contours that match the tonal
contour of the spoken tones of the language. The
results also suggest that Cantonese listeners
engage with the simplified tone system used by
composers in ways which match the intended
representation of tone.
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ABSTRACT
This study examined the perception of the six
Cantonese lexical tones by Japanese listeners who
are naïve to tone languages and Japanese-speaking
L2 learners of Mandarin. Their performance on an
AXB discrimination task was analyzed. The results
showed that the L2 learner group performed slightly
better in general, which suggest the L2 experience of
lexical tones can be advantageous for the perception
of L3 tones. However, the A-prime scores revealed
that their performance only differed significantly for
some acoustically easy pairs. They performed no
better than the naïve group for pairs with a high
degree of phonetic similarity. Specifically, both
groups showed high perceptual confusion of
acoustically hard pairs within the level-level pairs
(T3-T6 and T1-T6) as well as the rise-level tone pair
(T2-T5). In addition, the discrimination was
generally better when the speaker gender was male.
The L2 learners appeared to be more resistant to
speaker gender variation.
Keywords: Cantonese, Mandarin, Japanese, lexical
tone, speech perception
1. INTRODUCTION

Both Cantonese and Mandarin use F0 as the primary
perception cue to distinguish lexical meanings.
There are 6 lexical tones in Cantonese—T1, a high
level (55) tone; T2, a high rising (25/35) tone; T3, a
mid-level (33) tone; T4, a low falling (21) tone; T5,
a low rising (23) tone; T6, a low level (22) tone [1].
These 6 tones are unevenly distributed, with 5 of
them crowded into the lower part of the tone space.
Some tones are harder to discriminate than others
due to acoustic similarities. There are 3 level tones,
making them internally ambiguous and difficult to
perceive in isolation [13]. Besides, T2 and T5 were
found to be confusing even for some native listeners
as they only differ in the magnitude of the rise in F0
[12]. Tone merging is indeed undergoing between
T3 and T6, as well as T2 and T5. On the other hand,
there are 4 tones in Mandarin [10]—T1, a high level
(55) tone; T2, a rising (35) tone; T3, a dipping (214)
tone; T4, a falling (51) tone. The 4 Mandarin tones
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are distributed evenly and more distinguishable. T1
and T2 of the two languages are similar in terms of
F0 height and contour shape, but there is no contrast
between level tones in Mandarin.
Most previous studies showed that listeners of
tone languages outperformed listeners of non-tone
languages in perception of lexical tones (e.g. [9, 23]).
Native Mandarin listeners discriminated two Thai
tones (mid vs. low) better than English speakers did
in [23]. Native English listeners tended to rely on F0
height while Cantonese and Mandarin listeners
focused on both F0 height and direction [5, 6].
However, some other studies showed different
findings (e.g. [5, 14, 17, 21]). For instance, native
Mandarin listeners showed difficulty in perceiving
the three Cantonese level tones, especially between
acoustically hard pairs such as T3 and T6. This
suggests that the perception performance was
affected by the acoustic properties of the tonal
stimuli [14]. While F0 is the primary cue in tone
perception, the weighting on F0 direction and height
may be different according to listeners’ L1. Taiwan
Mandarin listeners assigned more weight to F0
direction than F0 height, whereas Cantonese
listeners were sensitive to both cues [5]. Given the
differences between the two tonal systems, they
confused even more than the English listeners.
Moreover, [2] suggests that listeners of non-tone
languages perceived lexical tones mainly on a
psychoacoustic mode. In [20], native speakers of
English and French were able to categorize
Mandarin tones in terms of their intonational
categories. Although non-tone language native
listeners perceived tones acoustically as nonlinguistic units, they could somehow show greater
sensitivity to subtle F0 differences within a tonal
category [14].
Apart from the influence of L1 and
psychoacoustic factors, linguistic experience also
plays a role in L2 sound perception. Effects of L2
learning experience or training treatment are welldocumented (e.g. [4, 7, 17, 22]). [7] found that late
advanced L1 English learners of Mandarin were
approaching the perception pattern of native
Mandarin listeners compared to the control group by
attending to both F0 contour and average F0. In [4],

native Mandarin and native English listeners were
trained to recognize Cantonese lexical tones. While
L1 Mandarin listeners began to behave like native
Cantonese listeners by showing nearly equivalent
cue weighting of F0 direction and height after
training, L1 English listeners attended solely to F0
height.
Japanese is a pitch-accent language and it may be
expected that Japanese can be skilled at processing
pitch variations. It is possible that Japanese listeners
may assimilate T2 in Mandarin and Cantonese to
phonetically similar Low-High (LH) accent pattern
in Japanese [18, 21]. Indeed, [18] reported that
Japanese speakers were able to categorize the
Mandarin tones into their native pitch-accent
categories. It is assumed that their selections
depended on the phonetic similarities between
Mandarin tone categories and Japanese pitch-accent
categories. However, there are only 4 tones in
Mandarin and the pitch height and direction are
fairly distinctive, so the assimilation results are
actually rather predictable. Furthermore, pitch
accents in Japanese is said to be phonetically
different from lexical tones as they are not realized
within a single syllable [19, 21]. Pitch range in
Mandarin, Cantonese and Japanese may be different
as well.
This study expanded the discrimination of
Cantonese contrasts to novice native Japanese
listeners and Japanese L2 learners of Mandarin. The
effect of Mandarin learning was predicted to be
minimal and the 2 groups of Japanese listeners
would not substantially differ as the contour tones
and level tones are indeed quite different in the two
languages (Mandarin and Cantonese).
2. METHOD
2.1. Participants

21 Japanese-speaking novice listeners and 10
learners of Mandarin participated in this study. They
are either university students or working adults who
grew up in the Greater Tokyo Area in Japan (3
learners speak another dialect apart from standard
Japanese). All of them had not been exposed to
Cantonese before. The non-learner group reported
that they have no or minimum exposure to any tone
languages, while the Mandarin learners reported the
same except their substantial exposure to Chinese
Mandarin. The L2 learners self-reported their
Mandarin
proficiency
as
beginner-upper
intermediate. Their average age of acquisition was
19.20 years (SD: 3.79) and they had received an
average of 2.31 years (SD: 1.21) of Mandarin
instruction. The participants all passed a pure-tone
hearing screening prior to the experiment. None of
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them reported hearing problems and language
disorders. Information about their musical
experience was collected. Some of them had played
a musical instrument in the past but none are playing
as a professional constantly in the past 2 years.
A Hong Kong Cantonese native speaker checked
the stimuli were in proper quality. Three Cantonese
native speakers identified the stimuli and the
accuracy was 96% approximately.
2.2. Stimuli

All combinations of the 6 tone pairs were included
to allow more thorough comparison. The two test
stimuli of [jɐu] and [se] (/jau/ and /se/ in Jyutping
used in Hong Kong), which were used in previous
studies (e.g. [8, 21]), were selected for the present
study. The 6 tones with these 2 syllables all form
real Cantonese words. Two female and two male
native speakers of Hong Kong Cantonese produced
all the stimuli in a quiet room. They read 2 sets of
words (1 set for /jau/ and 1 set for /se/) in the carrier
sentence ngo5 duk6__zi6 “I read the word __” at a
normal speech rate. They read many times and the
exemplars with duration which were closest to the
average of the 6 tones were selected and excised for
the perception experiment. Intensity of all the
stimuli was normalized at 70dB. The F0 values of
the stimuli of the 2 male speakers were 124.6Hz and
128.2Hz, and that of the 2 female speakers were
184.5Hz and 132.3Hz on average.
2.3. Procedure

Participants were run on an AXB discrimination test
using Praat. The AXB trials had four possible
combinations (AAB, ABB, BAA and BBA). There
were 15 A–B pairs for the 6 tones. Participants
received 480 trials (2 syllables x 15 pairs x 4
combinations x 2 voices x 2 repetitions) presented in
a mixed-talker design, in random order, and blocked
by 60 trials. 10 extra trials were included for practice.
The interstimulus interval was set to 1s and the
intertrial interval was 3s. For each trial, participants
chose either the number ‘1’ (X=A) or the number ‘3’
(X=B) on the keyboard. The process was self-paced
and lasted for around 60 minutes, with short breaks
scheduled between blocks.
2.4. Data analysis

Responses of each tone pairs were used to calculate
A-prime (A’) scores [16], an index of discrimination
accuracy. A’ was calculated based on the proportion
of ‘hits’(H) and ‘false alarms’(F) for each pair. If H
was equal to or exceeded F, A’ was calculated as (1).
Otherwise, A’ was calculated as (2).

(1) A’ = 0.5 + ((H-F)*(1+H-F)) / (4H*(1-F))
(2) A’ = 0.5 - ((F-H)*(1+F-H)) / (4F*(1-H))
A mixed-effects model ANOVA was then conducted
on the A’ scores with Tone Pair and Speaker Gender
as within-subjects factors, and Group as betweensubjects factor. The model included by-subject
random intercepts and slopes.
3. RESULTS

Normal repeated measures ANOVA model showed
that the main effect of group was significant.
However, according to the results of likelihood ratio
tests, with the random effects of subjects in the
mixed-effects model, the effect of Group was only
marginally significant (χ2(1) = 3.53, p = .06). The
effect of Tone Pair (χ2(13) = 318.86, p < .0001), the
effect of Speaker Gender (χ2(0) = 150.07, p < .0001),
as well as the two-way interaction of Pair x Gender
(χ2(14) = 447.87, p < .0001) were significant. No
other main effect or interactions were found
significant. Similar results were obtained using
Satterthwaite approximation. Paired t-tests (with
Tukey adjustment) were conducted to further
compare the effects and to explore the interactions.
First, as predicted, the overall scores across the 15
tone pairs were significantly lower for the 4 difficult
tone pairs, T1-T3, T1-T6, T2-T5, and T3-T6, with
T3-T4 and T4-T6 in-between, and the scores of
other pairs were significantly higher. With regards to
the performance of the 2 groups, averaged A’ scores
across the 15 tone pairs were 0.835 and 0.876 for the
novice Japanese listeners and native Japanese
listeners who were learners of Mandarin. Generally,
the L2 Mandarin learners’ scores were higher even
though no significance was reported. The mean
discrimination scores for each tone pair of the 2
groups are given in Table 1. The differences
between the 2 groups were marginal significant at an
alpha level of 0.1 for the pairs T1-T2, T1-T3, T1-T5,
T3-T4, T3-T5 and T5-T6. However, although not
significant, the Mandarin learners actually did not
outperform for T1-T6 and even did worse than the
novice group for T2-T5 and T3-T6.
Besides, within the Mandarin-learner group, the
score differences were significant between all the
combinations involved pairs T1-T3, T1-T6, T2-T5
and T3-T6. On the other side, on top of these
combinations, those involved T3-T4 and T4-T6 were
also found different significantly within the
Mandarin-learner group. This is because the average
score for pairs T4-T6 and T3-T4 were relatively low,
which was not the case within the learner group.
Moreover, as illustrated in Figure 1, although the
interaction was non-significant, the effects of
speaker’s gender on the 2 groups were rather
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different. The average scores of the novice group for
stimuli in a female and male voice were 0.754 and
0.915 respectively, whereas those of the Mandarinlearner group were 0.812 and 0.941. While both
groups did significantly better when the speaker’s
voice was male (both p < .0001), the difference of
scores between the 2 groups was marginally
significant (t(29) = 2.00, p = .06) when the speaker’s
voice was female.
The scores of the stimuli in male voice appeared
to be higher for all pairs. The interaction of
speaker’s gender and tone pairs was further
investigated. The results of paired t-tests showed
that listeners performed significantly better when the
speaker’s voice was male for almost all pairs except
T1-T2, T2-T3, T2-T6 and T5-T6. The differences
were particularly obvious for the tone pairs T1-T3
(t(292)=19.32, p < .0001) and T1-T6 (t(292)=23.27,
p < .0001). The differences were also large for the
pairs T2-T5, T3-T4, T3-T6 and T4-T6 (t values
ranged from 3.52 – 9.13). It is worth noting that the
difference between the pairs T1-T3 and T3-T6 was
only significant when the speaker’s voice was male
(male: 0.91 vs. 0.65, p < .0001; female: 0.43 vs. 0.53,
p = .37 respectively). The score of the pair T1-T3
was much higher when the speaker’s voice was male,
but the score dropped significantly for the lower
level pair T3-T6 (refer to Figure 1). In addition,
within the learner group, the score differences
between male and female speaker were significant
for pairs T1-T3, T1-T6, T2-T5, T3-T4, T3-T6 and
T4-T6. In contrast, within the novice group, the
differences were significant for all but pairs T2-T3,
T2-T6 and T5-T6.
Table 1: Mean A’ scores for the 15 Cantonese
tones by the two groups of listeners. Standard
deviations are in parentheses.

Tone pairs
T1-T2
T1-T3
T1-T4
T1-T5
T1-T6
T2-T3
T2-T4
T2-T5
T2-T6
T3-T4
T3-T5
T3-T6
T4-T5
T4-T6
T5-T6

Novice listeners
(n=21)
0.937 (0.105)
0.632 (0.293)
0.899 (0.128)
0.917 (0.120)
0.656 (0.326)
0.925 (0.088)
0.934 (0.100)
0.720 (0.169)
0.937 (0.106)
0.826 (0.177)
0.904 (0.118)
0.605 (0.179)
0.924 (0.106)
0.813 (0.190)
0.889 (0.125)

L2 Mandarin
learners (n=10)
0.997 (0.010)
0.706 (0.280)
0.947 (0.056)
0.979 (0.039)
0.680 (0.320)
0.975 (0.026)
0.982 (0.029)
0.708 (0.146)
0.950 (0.055)
0.893 (0.104)
0.963 (0.042)
0.566 (0.137)
0.953(0.063)
0.883 (0.132)
0.963 (0.034)

Figure 1: Mean A’ scores of 15 tone pairs uttered
by female (top panel) and male (bottom panel)
speakers in L3 Cantonese for Japanese-speaking
novice listeners and L2 Mandarin learners.
Error bars = ±1 standard error

4. DISCUSSION

Overall, the findings of this study showed that the
Japanese-speaking L2 Mandarin learners as well as
the novice listeners were significantly better at
discriminating the contour-level tone pairs than the
level tone pairs. Furthermore, Japanese Mandarin
learners who had L2 experience with a tone
language had some advantages over the novice
listeners. The advantages were larger with risinglevel tone pairs such as T1-T2 and T1-T5.
Nevertheless, they were not better than the novice
group for the more difficult contrast pairs, that is, the
level-level tone pairs, T3-T6, and the rising-rising
tone pair, T2-T5. This is in line with results of
previous studies (e.g. [15]), which suggest that the
acoustic properties of the tonal stimuli robustly
influence listeners’ perception of tones regardless of
their language backgrounds. These 2 pairs are said to
be acoustically hard as the F0 direction are the same
within each pair. In particular, due to the inherently
smaller acoustic difference between T3 and T6 [14],
T3-T6 was even more difficult than T1-T3 or T1-T6.
There is no middle level nor real level low-low
pitch accent pattern in Japanese. A sequence of high
tones is not allowed in word-initial position in
Tokyo Japanese as well. There is also no level tone
contrast in Mandarin. In fact, [15] has reported that
Mandarin speakers had difficulty with the level-level
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tone pairs in Cantonese. If listeners are to assimilate
the different level tones in Cantonese into the single
high tone (T1) in Mandarin, or the closest high-high
pitch accent pattern in Japanese, their sensitivity to
the different level tones could be reduced.
Interestingly, the performance of pairs T3-T4 and
T4-T6 were in the middle of the ‘difficult’ tone pair
group and ‘easy’ tone pair group. It seems that
Japanese naïve listeners had some extra difficulty in
distinguishing the low falling tone (T4) with a level
tone (middle level (T3)/low level (T6)) which is
close to each other in terms of F0 value. In fact, [11]
reported that South Asians in Hong Kong also had
difficulty in distinguishing the lower register tones
(T3-T6, T4-T5, T4-T6 and T5-T6). The perception
of non-native sounds may be based on the phonetic
similarities between L1 and L2 sounds. Tones which
are more dissimilar acoustically will be easier to
discern while tones with more similar features may
cause more perceptual and learning difficulties for
listeners. These claims are consistent with L2 speech
perception models such as the Speech Learning
Model [3]. Cantonese learners may be advised to
focus on tone exercises with those harder pairs.
Additionally, the A’ scores of both groups were
higher when the speaker’s voice was male in general.
It may be related to the fact that one of the female
speakers in this study has a pitch range much lower
(107-179Hz) than the other female speaker (162244Hz), such that the pitch of her voice was actually
quite similar to a male’s pitch (94-174Hz). Listeners
might have tried to calibrate and adjust their criteria
of judgment of F0 based on a low pitch. This could
have caused them extra difficulty in discriminating
tones with F0 height, which could be even worse
when the pairs were level tones or had similar F0
direction. In fact, [14] has found that Cantonese tone
identification can be heavily influenced by
intertalker variations, especially for T3, T6 and T5.
The linguistic experience of L2 Mandarin learners
might have helped them so that they were more
consistent and performed slightly better in the harder
condition (i.e. stimuli in a female voice).
In order to examine Cantonese tone perception by
Japanese listeners in detail, it is necessary to
compare the performance of Japanese-speaking
Cantonese learners in the future. Data from more
learners and learners with higher proficiency level
are also desirable. Additionally, in light of the error
pattern found in the present study, it might also be
informative to find out how native Japanese speakers
actually perceptually categorize Cantonese tones
into their L1 prosodic system (i.e. Japanese pitch
accent patterns). It is possible that sound
categorization will occur phonologically, with little
influence of L2 experience of Mandarin learning.
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ABSTRACT
Congenital amusia is a neurodevelopment disorder
of musical pitch processing, which also affects
lexical tone perception in tonal languages like
Mandarin Chinese. In this study we aimed to
investigate how congenital amusia affects lexical
tone recognition without pitch information. Nineteen
Mandarin-speaking congenital amusics and 19
matched controls were tested on lexical tone
identification in both phonated and whispered
speech. The results revealed that the performance of
congenital amusics was inferior to that of controls in
lexical tone identification in both phonated and
whispered speech, but the differences between the
two groups were smaller in whispered speech.
Moreover, the identification of Tone 3 and Tone 4
was easier than that of Tone 2 and Tone 1 in
whispered tone for both groups. The results indicate
that the primary disorder of amusia lies in pitch
processing but the deficits of amusia also appear to
extend beyond pitch processing.
Keywords: congenital amusia, lexical tone
perception, pitch, whispered speech, Mandarin
Chinese.
1. INTRODUCTION
Compared with phonated speech, the most obvious
characteristic of whispered speech is that the
dominant perceptual cue – fundamental frequency
(F0, hereafter) is absent. Previous studies have
showed that compared with phonated tones, listeners
have difficulty in identifying lexical tone in
whispered speech, but the accuracy is above chance
level, meaning that lexical tones can still be
recognized [1, 3, 4, 14]. For instance, Gao [1]
examined tone recognition in whispered Mandarin
speech (four lexical tones in Mandarin: T1-high
level tone, T2-rising tone, T3-dipping tone, T4falling tone), which found that the rank of the four
tones in monosyllables in the order of increasing
difficulty is T3 (52%), T4 (34%), T1 (11%) and T2
(2%). Jiao et al. [4] also showed that in Mandarin
the identification rates for phonated tones were: T1
(98.9%), T2 (98.9%), T4 (94.7%) and T3 (94.2%).
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In contrast, the rates for whispered tones were: T3
(85%), T4 (66.9%), T2 (35.8%) and T1 (21.7%).
Some researchers proposed that perceptual cues
other than pitch, such as duration [1], amplitude
contour [6], and formant frequency [7], could
facilitate tone identification in whispered speech.
Congenital amusia (amusia, hereafter) is a lifelong neurodevelopment disorder of musical pitch
processing [12]. Individuals with amusia (amusics,
hereafter) have difficulty acquiring basic musical
skills [11]. It has been reported that amusics are not
only impaired in musical pitch processing, but also
in speech pitch processing such as the perception of
lexical tone, intonation, and emotional prosody [2, 8,
13]. These results indicate that the pitch-processing
deficit in amusia is not restricted to music, but
transfers to the language domain. For example, Nan
et al. [10] examined the perception of four Mandarin
tones by Mandarin-speaking amusics. They found
that amusics had significant deficits in the
identification of Mandarin tones relative to controls.
However, amusics’ inferior performance is not
restricted to pitch. A few studies have reported that
amusics have inferior segmental processing and
frequency/spectral
processing
beyond
pitch
processing [5, 9, 15]. For instance, the results of
Zhang et al. [15] showed that Cantonese-speaking
amusics had impairment in the discrimination of
pure tones, lexical tones and vowels, but their ability
of duration processing remained intact, which
indicated that the deficit of amusia might not be
confined to pitch processing, but also influence
frequency/spectral processing more broadly. It is
likely that amusia is a syndromic disorder frequently
accompanied by deficiencies of other kinds [5].
Whispered speech is an ideal case to examine
whether amusics have impairment in other aspects of
the linguistic domain other than pitch processing. On
the one hand, amusics may have comparable or even
better performance than controls in the recognition
of whispered tones, for the reason that pitch cues are
absent and listeners need to rely on other cues such
as duration, intensity or spectral frequency
information to perceive tones. The results will shed
light on the potential compensation mechanism of
amusics in speech comprehension. On the other
hand, it is also possible that the amusics’

performance of tone recognition is worse than
musically intact controls even in whispered speech.
As mentioned above, amusics are impaired in
formant frequency processing [15], which is
believed to play some role in the perception of
whispered speech [7]. If so, the amusics’ perception
of whispered tones may be affected. Furthermore, it
has been reported that lexical tone impairment in
amusics is not purely due to the low-level auditory
pitch deficit, but prevails to the higher-level
phonological processing, affecting the phonological
representations of lexical tone [15]. According to
this finding, amusics may show impairment in tone
recognition despite the absence of pitch information
in speech stimuli. To address these questions, this
paper compared the performance of Mandarinspeaking amusics and matched controls in lexical
tone recognition in whispered speech and phonated
speech.
2. METHOD
2.1. Participants

Nineteen Mandarin amusics and 19 matched
musically intact controls were recruited in this study.
All participants are native speakers of Mandarin
Chinese from northern areas, right-handed and
reported no previous history of speech, hearing,
neurological or psychiatric impairments. No
participants had any formal musical training. All
subjects were selected by the test of Montreal
Battery of Evaluation of Amusia (MBEA), which
consists of six subtests: scale, contour, interval,
rhyme, meter and memory [11]. Those participants
who scored above 85% were classified as controls,
and those who scored below 70% were classified as
amusics. The demographic characteristics of
participants are shown in Table 1.
Table 1: Demographic characteristics of subjects.

Male/Female(total)
Mean Age(range)
MBEA
Scale(SD)
Contour(SD)
Interval(SD)
Rhyme(SD)
Meter(SD)
Memory(SD)
Total(SD)

Amusics
9/10(19)
24(19-30)

Controls
9/10(19)
23.95(20-30)

53.33(14.24)
58.56(15.50)
58.57(7.85)
61.13(13.75)
50.53(10.44)
71.06(16.12)
58.84(7.32)

85.90(11.16)
94.23(4.76)
93.02(3.78)
93.54(6.88)
84.39(12.07)
96.49(3.92)
91.26(4.65)

2.2. Stimuli

To assess tone identification in Mandarin Chinese,
36 words with nine base syllables (/ta/, /ti/, /tu/, /pa/,
/pi/, /phu/, /a/, /i/, /u/) contrasting four lexical tones
(T1: high level tone, T2: rising tone, T3: dipping
tone, T4: failing tone) were selected as the stimuli.
Two Mandarin speakers (1 male and 1 female) were
invited to produce the isolated words both in
whispered and phonated mode.
2.3. Procedure

The study included two conditions: tone
identification in phonated speech and in whispered
speech, both of which were implemented using Eprime 2.0. There were practices before each task to
familiarize participants with the experimental
procedure. The order of these two conditions was
counterbalanced across the subjects as much as
possible. The stimuli from the two speakers were
presented in two separate blocks and the order of the
two blocks was also counterbalanced across
subjects.
In each block, the stimuli were repeated 3 times
and presented randomly. In each trial, a fixation
occurred at first for 500ms, followed by the
presentation of a speech stimulus via the
headphones. The subjects were asked to identify the
tone of the stimulus by pressing buttons 1-4 on a
computer keyboard. The experiment only proceeded
to the next trial when a response was received.
2.4. Data analysis

For both identification tasks, accuracy and response
time were recorded and analysed. Accuracy was the
percentage of trials correctly identified for each tone
per subject. Incorrect trials were disregarded in the
analysis of response time. Group × lexical tone ×
phonation mode repeated measures ANOVAs were
conducted on the accuracy and response time of
identification tasks respectively.
3. RESULTS
Figure 1 shows the identification accuracy of lexical
tone perception under phonated and whispered
conditions. There were significant main effects of
phonation mode (F(1,74)=490.17, p<0.001), lexical
tone (F(2.67,197.84)= 92.43, p<0.001), and group
(F(1,74)=15.45, p<0.001). There were also
significant interactions between lexical tone and
phonation mode (F(2.84,209.89)=103.07, p<0.001),
and among lexical tone, phonation mode and group
(F(2.84,209.89)=3.12, p=0.029). We conducted
lexical tone × group analyses in each phonation
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mode to analyse the three-way interaction. For the
phonated mode, two-way ANOVAs showed that
there were significant main effects of lexical tone
(F(2.43,179.54)=9.81, p<0.001) and group (F(1,74)
=16.83, p<0.001), as well as a two-way interaction
between group and lexical tone (F(2.43,179.54)=
8.52, p<0.001). One-way ANOVAs with the factor
of lexical tone within two groups revealed only a
significant effect of lexical tone in the amusic group
(F(3,148)=8.53, p<0.001), where post hoc results
found that the accuracy of T2 was significantly
lower than other three tones (ps<0.001).There was
no significant effects in the control group.
Independent samples t-tests were conducted to
examine the effect of group within each lexical tone.
Significant group differences were found in T2
(p<0.001) and T4 (p=0.001), while the group
difference in T3 (p=0.054) showed marginal
significance and no group difference was found in
T1 (p=0.16). Controls performed significantly better
than amusics in T2 and T4. For whispered speech,
two-way ANOVAs revealed that there were
significant main effects of lexical tone (F
(2.72,201.35)=118.45, p<0.001) and group (F(1,74)
=6.30, p=0.014). Although the two-way interaction
was not significant (p=0.31), to answer the question
of whether amusics performed less accurately than
controls in each tone, post-hoc analyses were
conducted. One-way ANOVAs were first conducted
to investigate the effect of lexical tone in each
group. For amusics, the effect of lexical tone was
significant (F(3,148)=37.97, p<0.001). Post hoc tests
showed that the accuracy of T3 was significantly
higher than the other three tones (ps<0.001), and that
the accuracy of T4 was also significantly higher than
T2 and T1 (ps<0.001). In control group, a significant
effect of lexical tone was observed. Post hoc results
found that the accuracy of T3 was significantly
higher than other three tones (ps<0.001), and that the
accuracy of T4 was significantly higher than T1 and
T2 (ps<0.001). Independent samples t-tests with the
factor of group within four tones revealed significant
group differences only in T4 (p<0.016), while a
marginal significant effect was presented in T2
(p=0.058) and no significant effect was found in T3
(p=0.12) and T1 (p=0.64). Controls performed
significantly better than amusics only in T4.
Figure 2 shows the response time (RT, hereafter)
under phonated and whispered conditions. There
were significant main effects of phonation mode
(F(1,72)=151.45, p<0.001), and lexical tone
(F(3,216)=19.59, p<0.001), as well as significant
two-way interactions between phonation mode and
group (F(1,72)=8,71, p=0.02), between lexical tone
and group (F(3,216)=9,31, p=0.001), and between
phonation mode and lexical tone (F(3,216)=1.70,
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p<0.001). We analysed the interaction between
phonation mode and group firstly. Independent
samples t-tests were conducted to analyse phonation
mode in each group. In both groups, the accuracy of
the phonated mode was significantly higher than the
whispered mode (ps<0.001). The same statistic
method was used to examine the effect of group
within in each phonation mode, which suggested
that there was only a significant effect of group in
the phonated mode (p<0.001) where the RT of
controls was shorter than amusics. Secondly, we
analysed the lexical tone and group interaction. Oneway ANOVAs were conducted to reveal the effect
of lexical tone in two groups. A significant effect of
lexical tone was observed in the amusic group
(F(3,301)=5.89, p=0.001). Post hoc tests revealed
that the RT of T4 and T3 was significantly shorter
than the two other tones (ps≤0.006). A significant
effect of lexical tone was also found in the control
group (F(3,303) =4.75, p=0.003). Post hoc results
suggested that the RT of T1 was significantly longer
than other three tones (ps≤0.01). Independent
samples t-tests were conducted to analysed the effect
of group in each lexical tone. The group differences
were significant only in T2 and T3, where controls
responded faster than amusics (ps<0.025). Finally,
we analysed the interaction between phonation mode
and lexical tone. One-way ANOVAs were
conducted to reveal the effect of lexical tone in each
phonation mode. A significant effect of lexical tone
was observed in the phonated mode (F(3,303)=3.56,
p=0.015). Post hoc tests showed that the RT of T4
was significantly shorter than T2 and T3 (ps≤0.039).
A significant effect of lexical tone was also found in
the control group (F(3,301)=11.83, p<0.001). Post
hoc results suggested that RT of T1 was
significantly longer than other three tones (ps≤0.009)
and the RT of T2 was significantly longer than T3
(p=0.004). Independent samples t-tests used to
reveal the effect of phonation mode in each lexical
tone. Significant effect of phonation mode was
found in all tones (ps<0.001), where the RT in the
phonation mode was faster than the whispered mode.
Figure 1: The identification accuracy.

Figure 2: The identification response time.

Furthermore, the rank of the four whispered
tones in the order of increasing difficulty in the
control group is: T3 (90.64%), T4 (75.73%), T2
(48.64%), T1 (46%). The rates for whispered tones
in the amusic group is T3 (85.09%), T4 (63.55%),
T1 (43.96%), T2 (41.13%). The accuracy of T3 was
the highest in both groups, followed by T4.
4. DISCUSSION
The present study examined the identification of
lexical tone by Mandarin-speaking amusics and
controls in phonated and whispered mode. The
experimental results showed that Mandarin-speaking
amusics were impaired in lexical tone identification
in both phonated and whispered speech, but the
group differences were smaller in whispered speech.
The identification of T3 and T4 was more accurate
than T2 and T1 in whispered tone for both groups.
In phonated mode, compared with the control
group, the amusic group demonstrated significantly
lower accuracy in the identification of T2 and T4,
and overall significantly longer response time.
Furthermore, T2 was the most difficult tone for
amusics to identify. These results echoed with the
findings in Nan et al. [10] that the pitch disorder was
not confined in the music domain but also
transferred to the language domain.
In whispered mode, it is worth noting that
although amusics still had worse performance in
accuracy, there was no significant difference in
response time between controls and amusics. In the
accuracy, the differences between two groups were
also smaller compared to the phonated mode and
post hoc analyses only revealed a significant group
difference in the identification of T4. The reduced
group difference in the whispered mode confirms
that the primary disorder of amusia lies in pitch
processing [16,17]. However, the deficits of amusia
also appear to extend beyond pitch processing, as
indicated by the reduced accuracy of amusics in the
identification of T4 in whispered speech. There are
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several possible explanations for this result. First, it
is possible that amusics are impaired to some extent
in other perceptual cues for tone perception in
whispered speech. As mentioned before, it is not yet
clear as to what perceptual cues contribute to tone
perception in whispered speech, but duration [14],
amplitude contour [6], and formant frequency [7] are
proposed to be three primary perception cues of
whispered tone. It is also not very clear whether the
amusics were impaired in these perceptual cues or
not. To address these issues, systematic
investigations are required in the future to examine
how other perceptual cues such as duration,
amplitude contour and formant frequency contribute
to the identification of each tone and whether
amusics are impaired in the perception of such cues.
A second explanation for the reduced group
difference is that the deficits of amusics prevail to
the phonological representations of lexical tone,
affecting tone recognition where pitch information is
absent. However, this account cannot explain why
the group difference in tone recognition was only
found in T4, not in any other tones. Nonetheless, the
seemingly comparable performance of amusics to
the controls in the identification of T1 and T2 may
be caused by a floor effect due to the greater
difficulty to identify tones in whispered mode.
For the performance of both groups in whispered
speech, T3 was the easiest tone to identify and T4
was the second easiest tone to identify, but the
difficulties of T1 and T2 were different in two
groups. The results were consistent with previous
studies [1, 3, 4], which found that T3 and T4 were
easier to recognize than T2 and T1. Gao [1] showed
that some speakers tend to increase the falling slope
for T4 in amplitude contour and to increase the
falling and rising slope in amplitude contour for T3
in production. These acoustic features may aid the
identifiability of T3 and T4 in whispered mode.
5. CONCLUSION
The results of this study indicated that Mandarinspeakers with amusia presented degraded
performance in tone identification in both phonated
and whispered modes, but the differences were
smaller in whispered mode.
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ABSTRACT
Previous studies on categorical perception (CP) of
Mandarin tones focused on rising and falling
continua. However, the influence of tonal experience
on the categorical perception of Mandarin Tone 2
and Tone 3 remains unclear. By applying categorical
perception paradigm, this study takes a further step
to examine how L1 experience of Thai, Indonesian
and Mandarin affect the CP along a Mandarin T2
and T3 continuum. The results showed that the three
L1 groups differ significantly in the positions of the
identification boundaries and boundary widths. Only
Mandarin listeners exhibited categorical boundaries
while Thai and Indonesian listeners demonstrated
only psychophysical boundaries. However, both the
identification and discrimination curves shown by
the Thai listeners approximated the native speakers
more closely than that of Indonesian counterparts.
The results further pointed out that tonal and nontonal L1 listeners process Mandarin tones differently
while listeners’ tonal L1 experience can facilitate the
perception of non-native tone.
Keywords: categorical perception, linguistic
boundary, psychophysical boundary, Mandarin tones
1. INTRODUCTION
1.1. Categorical perception

Mandarin is regarded as one of the typical tonal
languages in the world and the challenge for
mastering its tonal system is well documented in
earlier literatures [8, 11, 21]. Some researchers
attributed the failure of tone acquisition to the lack
of tonal experience in learners’ L1 [15, 28].
However, others found that the failure was due to
the intrinsic phonetic similarity between target tone
categories and the influence of L1 tone inventory [4,
10, 23]. Recently, the categorical perception (CP)
has drawn increasing attention among the crosslanguage studies of Mandarin tones. In general, CP
requires a co-occurrence of three perceptual
characteristics: a sharp boundary between two
categories; discrimination peaks at the category
boundary; the observed discrimination performance
can be predicted from the identification performance
[18]. Like other segmental phonemes, tones must be
phonologically categorized by listeners in order to
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achieve word recognition [5, 25]. By using rising
and falling continua, previous studies found that
tonal L1 listeners exhibited a higher degree of CP
whereas non-tonal L1 listeners were able to process
tone perception on the basis of their psychophysical
factors only [2, 9, 17, 29].
1.2. Current study

Both Mandarin and Thai are tonal languages which
utilize F0 height and pitch contour as phonetic cues
to discriminate lexical meaning. Mandarin has four
lexical contrastive tones while Thai has five [6, 30].
Although their tone inventories do not correspond to
each other, some considerable similarities in pitch
contour can be identified between them [12]. While
most of the previous cross-language studies
regarding CP of Mandarin tones focused on rising
and falling continua [2, 9, 17, 29], the influence of
tonal L1 experience, plus the different tone
inventories on the CP of Mandarin T2-T3 remains
unclear. To bridge the gaps, this study investigated
how L1 experience of Thai (non-native tone
speakers), Indonesian (non-tone speakers) and
Mandarin (native speakers) affect the CP along a
T2-T3 continuum. Given that Thai speakers can
benefit from their L1 tonal system in the perception
of Mandarin tones [14, 19], it is hypothesized that
tonal L1 speakers (Thai) can perceive the continuum
in a more categorical way, whereas the perception
for non-tonal L1 speakers (Indonesian) might be
more psychophysically based.
2. METHOD
2.1. Participants

Altogether 18 Thai (9 male, 9 female), 18
Indonesian (8 male, 10 female), and 18 native
speakers of Mandarin (8 male, 10 female)
participated in this study. The Thai and Indonesian
participants were year one undergraduate students
who had studied the same Mandarin program for 12
months at Jinan University, Guangdong. The native
Mandarin participants served as control group in this
study. The average age of the three L1 groups was
20.4 (SD=2.9) for Thai, 19.9 (SD=2.3) for
Indonesian, and 26.1 (SD=3.4) for Mandarin. Noted
that the non-native speakers were all naïve learners

before they had come to China. Although they had
studied Mandarin for one year, they were far from
being proficient in Mandarin, thus enabling us to
observe the effects from their L1 backgrounds. They
had no or only limited music training and reported
no speech or hearing impairments.
2.2. Stimuli

Mandarin syllable /ta/ was used to construct the T2T3 continuum for this study. This syllable was
chosen because its consonant, vowel, and segmental
sequence comply with Thai and Indonesian phonetic
systems so that can avoid the interference from
unfamiliar segments. Wang and Li investigated how
native speakers discriminate Mandarin T2 and T3 by
using a T2-T3 continuum [26]. The results showed
that under a fixed turning point condition, T2
response rate was significantly higher than T3 when
the ending F0 was getting higher along the
continuum. This study replicated similar paradigm to
investigate the influence of L1 experience on CP of
T2-T3 continuum.
Figure 1 shows a schematic diagram of the pitch
contours of the 9 stimuli for the T2-T3 continuum.
The stimuli were generated by the following
procedures: 1) The Mandarin T2 and T3 of
monosyllable /ta/ were first produced by a native
female speaker in natural speech way. 2) The
duration and the turning point of the target syllable
were fixed to 400 ms and 150 ms respectively. 3)
The starting, ending and turning pitch height of the
middle stimulus (stimulus 5) were determined by the
mean of the onset, offset and turning point F0 of the
monosyllable /ta/ produced in T2 and T3. 4) Taking
the stimulus 5 as anchor point, add and reduce the
ending F0 by 6 pitch points to form other stimuli.
The pitch-synchronous overlap and add (PSOLA) in
Praat [1] was applied to resynthesize the stimuli.
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3. RESULTS
Linear Mixed Model (LMM) was conducted to
determine the effects of L1 experience on the CP
parameters. When a main effect was significant,
Wilcoxon signed-rank test (Bonferroni adjusted) was
applied to make pair-wise means comparisons.
3.1. Results of boundary position

The CP position and width were assessed by Probit
analyses of individual identification curves [3].
Table 1 summarizes the boundary position and width
across the three L1 groups. LMM showed a
significant main effect of L1 group (F(1, 51)=18.73,
p<0.0001) indicating that the three L1 groups
differed significantly in the boundary position. Pairwise comparisons revealed that the boundary
position was more toward to the stimuli with higher
ending F0 for Indonesian group than for Mandarin
(z=-3.29, p<0.05) and Thai group (z=-3.55,
p<0.0001) while no significant difference was found
between Mandarin and Thai group (z=-1.02, p=0.31).
Table 1: Derived position and width of categorical
boundary for each L1 group.

L1 group
Thai
Indonesian
Mandarin

Hz (F0)

Hz (F0)

Figure 1: Tone contours in the T2-T3 continuum.

identification test, all the 9 stimuli along the /ta/
continuum were repeated 3 times, yielding 27 tokens
for each participant. The stimuli were presented in
random order and the participants were asked to
identify whether the stimuli were Mandarin T2 or T3.
For the discrimination test, a total of 23 pairs were
presented in random order with a 400ms interstimulus interval (ISI). Among these pairs, 14 pairs
consisted of two different stimuli separated by 2
steps on the T2-T3 continuum, in either forward (1-3,
2-4, 3-5, 4-6, etc.) or reverse order (3-1, 4-2, 5-3, 6-4,
etc.), and 9 consisted of the stimuli of each step
paired by itself (1-1, 2-2, 3-3, 4-4, etc). All pairs
were presented twice, yielding 46 pairs in total.
Participants were asked to judge whether the two
target tones were the same or different. Instructions
and practice trials were given before both tests.

400

Boundary postion (SD)
5.35 (0.67)
4.35 (0.63)
5.63 (0.67)

Width
1.62
2.56
1.23

3.2. Results of boundary width

Duration (ms)

2.3. Procedure

A two-alternative forced choice identification test
and an AX discrimination test were conducted in
order to obtain the essential characteristics of CP
(boundary position, boundary width, and
discrimination peak) for analysis. For the
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The boundary widths across the three L1 groups
were depicted in Figure 2 (A-C). A similar statistical
analysis was conducted to examine the effects of L1
experience on the boundary width. The results
showed that the boundary width differed
significantly across the three L1 groups (F(2,
51)=15.39, p<0.0001). The boundary width for

Figures 2 (A-C): Identification (solid) and discrimination
(dashed) curves for each L1 group.
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Figure 3: Two-step discrimination accuracy (%) pooled
across the three L1 groups.
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Thai (z=-2.72, p<0.05) and Indonesian listeners (z=3.74, p<0.0001). No significant difference was
found between Thai and Indonesian group.
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Mandarin group was significantly narrower than
Thai group (z = -1.98, p < 0.05) and Indonesian
group (z = -3.42, p < 0.05) while Thai group
exhibited a significantly narrower boundary width
than Indonesian group (z = -2.77, p < 0.05).
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3.3. Results of discrimination test

Figure 3 depicts the discrimination curves pooled
across L1 groups. The overall discrimination
accuracy was 52.2%, 48.5%, 62.4% for Thai,
Indonesian, and Mandarin group respectively. LMM
indicated a significant main effect of L1 on the
overall discrimination accuracy (F(2, 51)=28.25, p <
0.0001). Pair-wise comparisons revealed that the
accuracy rate for the Mandarin group was
significantly higher than that for the Thai group (z=3.29, p < 0.05) and Indonesian group (z=-3.7, p <
0.0001) while no significant difference was found
between Thai and Indonesian group. For the
discrimination peak, the effect of L1 was not
significant (F(2, 51)=1.35, p = 0.27), indicating that
the discrimination peaks across the three L1 groups
were in general the same (tone pair 4_6). However,
significant difference in accuracy was found for this
tone pair across the three L1 groups (F(2, 51)=23.81,
p < 0.0001). Pair-wise comparisons indicated that
Mandarin listeners significantly outperformed the
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Peng et al. reported that non-tonal L1 listeners
appeared to have broader boundary widths than tonal
L1 counterparts for a rising and a falling pitch
continuum whereas no significant difference was
found on the boundary position [17]. These results
are partially consistent with the current findings
which show that the tonal and non-tonal L1 listeners
differed significantly in both boundary position and
width. We argue that this discrepancy is due to the
different continuum types used in the experiments.
Studies of T2-T3 perception found that native
speakers rely much on the initial F0 fall and the
timing of the turning point to distinguish the two
tones [16, 21, 22, 26, 27]. However, in this study,
the F0 of the tonal onset and turning point were
fixed. This might render the Mandarin and Thai
listeners unable to utilize the initial F0 fall as
perceptual cue for T2-T3 distinction and they might
need more steps to identify the stimuli as T3. In
contrast, Indonesian listeners might be more
sensitive to the pitch height than tone register and a
slight fall on ending F0 might lead to a T3 response
resulting in a significantly smaller boundary position.
This finding further suggests that tonal L1 speakers
pay more attention to the tone register and contour,
but non-tonal speakers rely more on pitch height [6,
7].
Shen and Froud made use of a T2-T3 continuum
to investigate CP of lexical tones by native English
and Mandarin speakers. It was found that the
English speakers required more steps (lower F0 for
the turning point and end point) to make a T3
response [20]. This result is contrary to our finding
that the boundary position for Indonesian listeners
(non-tonal) is more toward to T2 Tonal Variants.
This asymmetrical finding may provide some
insights to the influence of listeners’ L1 tone
inventory. Although the low falling‐rising tone (213)

in Thai is phonologically similar to Mandarin T3,
they differ in the pitch register at the ending part of
the tone. Such difference in tonal registration might
render the Thai listeners to require more steps (lower
ending F0) to identify the Tonal Variants as T3 and
this might address why the boundary position for
Thai group was found to be significantly larger than
Indonesian counterparts. This finding further
suggests that CP of tone is shaped by the tonal
system of listeners’ L1 [2, 9, 17, 29].
For the boundary width, as shown in Figure 2 (AC), Mandarin group’s category boundary is the
sharpest and a clear cut can be seen between Tonal
Variants 5 and 6, implying that their perception for
the T2-T3 continuum was highly categorical.
Whereas no sharp categorical boundaries were found
on Thai and Indonesian groups, indicating that their
perceptions were rather psychophysically based. A
considerable amount of literature found that
Mandarin T2 and T3 were predominantly
misidentified as each other. Most studies attributed
this high confusability to the similar F0 height and
contour between the two tones [10, 13, 23]. In this
study, the Thai and Indonesian listeners had come to
China for only one year and it is possible that they
were less sensitive to the subtle tonal contrasts, such
as the degree of dipping pitch, turning point position,
and height of pitch offset. This speculation is
supported by the finding of the psychophysical
boundary for the two groups.

similar accuracy rate for each tone pair (around 6070%) and no clear peak was observed near the
category boundary suggesting that they were
responding to the psychophysical difference between
Mandarin T2 and T3. This result could also be
predicted by the broader boundary width exhibited
by Indonesian group.
Although Thai and Indonesian listeners exhibited
psychophysical nature on the perception of
Mandarin T2-T3, their results differed significantly
in boundary position and boundary width. Compared
with Indonesian group, the identification curves for
Thai group change more abruptly from one category
to another and Thai’s discrimination peak is aligned
with corresponding category boundary. As the CP
results found on the Thai listeners approximated the
Mandarin listeners (native) more closely, it seems
that Thai’s perception for Mandarin T2 and T3 was
more robust than Indonesian counterparts. We
speculated that this asymmetrical result is due to the
effects of L1 experience. In Thai, the high-rising (45)
and low falling-rising tone (213) are similar to
Mandarin T2 (35) and T3 (214) in terms of F0 and
pitch contour. This intrinsic similarity between the
tone inventories might facilitate Thai listeners’ CP
of Mandarin T2-T3. This finding is consistent with
several studies that tonal L1 speakers perceive tones
more categorically but the CP for non-tonal speakers
is rather psychophysically motivated [2, 9, 17, 29].
5. CONCLUSION

4.2. Discrimination curve

In this study, although the overall discrimination
accuracy for Mandarin group is significantly higher
than Thai and Indonesian group, the actual value
(62.4%) is not as high as expected. As shown in Fig.
3, the discrimination curve reaches the peak at the
category boundary (between the S4 and S6) while it
is relatively flat at both ends of the curve. The
relatively low discrimination accuracy found on
Mandarin group can be explained by the CP
hypothesis that native speakers were found to be less
sensitive within a category but clearly perceive
differences between categories [24].
Fig. 3 shows that the discrimination curves for
Mandarin and Thai groups are clearly bell shaped
with a clear discrimination peak at tone pair 4_6.
However, for Indonesian group, the curve is rather
flat and only two fuzzy peaks are located at tone
pairs 3_5 and 4_6. CP requires the discrimination
peaks to be well aligned with identification
boundaries and the discrimination could be predicted
by the identification performance [25, 29]. As shown
in 2(A-C), the discrimination peak for Mandarin and
Thai listeners is well aligned with categorical
boundaries whereas Indonesian group demonstrated
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This study aims at investigating whether tonal L1
speakers can perceive Mandarin T2-T3 in a more
categorical way than non-tonal counterparts. Given
that the CP pattern of Thai listeners approximated
the native speakers more closely, this study suggests
that Thai listeners can perceive Mandarin T2-T3
contrast more categorically and their tonal L1
experience can facilitate the development of their
sensitivity to Mandarin T2 and T3. There might be a
gradient difference of categoricity between the Thai
and Indonesian listeners.
The stimuli used in this study differed in the
ending F0 only. However, not only the ending F0
but also the F0 difference between tonal onset and
turning point, the duration between tonal onset and
turning point would have effects on T2 and T3
perception [16, 21, 22, 26, 27]. It will be more ideal
if the present study can apply synthetic stimuli with
the stimuli duration, onset and ending F0, the degree
of the initial fall, and the turning point position of
pitch contour systematically manipulated so that can
ensure a more comprehensive and robust
comparison between the CP nature of tonal and nontonal L1 listeners. These parameters should be taken
into account in designing future research.
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ABSTRACT
This study represents the first acoustic analysis of the
seven-tone system of Lahu Nyi, a dialect of Lahu, a
Tibeto-Burman language spoken in Muang Na
subdistrict, Chiang Dao district, Chiang Mai
province, Thailand. One male and two female native
speakers produced the seven tones in isolation and in
a sentence context. Pitch contour analysis showed
five long tones in open syllables and two short tones
in syllables closed with a glottal stop. Low tones are
slightly breathy. Pitch contour modification was
observed in the sentence context produced by the
male speaker where a high-mid falling tone exhibits a
rising contour in the context of a following high-mid
falling tone.
Keywords: Lahu Nyi,
glottalization, duration

tone,

F0

patterns,

1. INTRODUCTION
The Lahu language belongs to the Central Loloish
branch of the Lolo-Burmese subgroup of TibetoBurman languages [9]. 102,876 Lahu people were
reported to live in 11 provinces of Thailand in 2015
[4]. Bradley [1] identified five Lahu dialects spoken
in the country as (1) Lahu Na; (2) Lahu Nyi; (3) Lahu
Shehleh; (4) Lahu Shi Bakeo; and (5) Lahu Shi
Banlan. However, Matisoff [9] argued that, based on
linguistic criteria, there are only two main dialects of
Lahu: Black Lahu (Lahu Na) and Yellow Lahu (Lahu
Shi). According to Matisoff [9], Lahu Nyi or Red
Lahu is a subvariety of Black Lahu. Consistent with
Matisoff’s claim, Bradley [1], Lewis [5] and Sirisai
[12] pointed out that the Lahu Nyi and Lahu Na
dialects are mutually intelligible.
Most studies of Lahu focused on its phonology
and grammar, and Black Lahu has received the most
attention. James Matisoff documented its phonology
[9], examined the relationship between the highrising tone and glottalization [6], and wrote the
grammar of Lahu [7], the Dictionary of Lahu [8], and
the English-Lahu Lexicon [10]. Lewis [5] wrote
Lahu-English-Thai dictionary. The phonology of
Lahu Bakeo has been documented by Suknaphasawat
[13], and the phonology of Lahu Nyi was studied by
Sirisai [12].
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According to Sirisai [12], the Lahu Nyi dialect spoken
in Mae Chan district of Chiang Rai, Thailand has 28
consonants, 9 monophthongs and 6 diphthongs with
C(C)V(V)T syllabic structure where T stands for
lexical tone.
Lahu Nyi contrasts 7 tones: three pairs of checked
vs unchecked tones (i.e., T1/T2; T4/T6; T5/T7) and 1
unchecked mid-level tone (T3). The Chao [2] pitch
value and their impressionistic descriptions by Sirisai
[12] are shown in Table1.
Table 1: Lahu Nyi Tones according to Sirisai [12].

Tone

Pitch value

Description

1
2

22
22ʔ

3
4

33
44ʔ

5

45ʔ

6
7

44
45

A mid-low level tone
A mid-low level tone
glottalized tone
A mid-level tone
A mid-high level
glottalized tone
A high contour
glottalized tone
A mid-high level tone
A high contour tone

On the other hand, Lewis [5] impressionistically
described a Lahu Na dialect spoken in Thailand as
having 24 consonants plus a glottal stop. According
to Lewis [5], Lahu Na has five tones on open syllables
(a high and slightly falling tone, a mid-high rising
tone, a mid-level tone, a low-level tone and a low
falling tone) and two tones with final glottal stops (a
high short tone with a glottal stop and a low short tone
with a glottal stop). He also mentioned a number of
contexts where a ‘tone change’ occurs. For instance,
he mentioned that the mid-level tone may become a
high rising tone when followed by high tones. It is not
clear if these tonal alterations are due to
coarticulatory effects or a tone sandhi process.
Acoustic studies on any Lahu dialects in Thailand
are rare [3]. Cooper [3] conducted an acoustic
analysis of Lahu Shi Balan vowels and tones
produced by three native speakers from Chiang Rai.
According to Cooper [3], Lahu Shi Balan contrasts
five tones in open syllables and two short (cut) tones
in closed syllables. He also pointed out that falling

tones are often breathy. However, no acoustic
measurements are available to collaborate this
impressionistic description. To our knowledge,
acoustic analysis of Lahu Nyi tones spoken in
Thailand has yet to be conducted. The aim of this
study is to fill this research gap.
2. THE CURRENT STUDY
The primary aim of this study is to provide, for the
first time, an acoustic analysis of the tone system of a
Lahu Nyi dialect spoken in Muang Na Sub-district,
Chiang Dao district, Chiang Mai, Thailand. Of
particular interest is the difference in pitch contours
of tones in open syllables (uncut or unchecked tones)
and in syllables closed with a glottal stop (checked or
cut tones), and between tones in citation forms and in
a sentence context. The presence of creaky
(glottalization) and breathy phonation will also be
explored.
2.1. Speakers

Three native speakers, 1 male (M1) and 2 female
speakers (F1, F2) participated in the study. M1 is 42
years old. He holds a master’s degree in Political
Science. Lahu Nyi is his first language and the
language he uses at home. He is also fluent in Thai
and has a fair command of English and Chinese, a
variety spoken in Yunnan, China. He serves as a
spiritual leader in the village and owns a family
business. F1 (M1’s spouse) is a 30-year old
housewife. She completed 6 years of elementary
school. Lahu Nyi is her first language. She speaks
Thai with a slight accent. She moved from Chiang Rai
to Muang Na Sub-district after getting married about
7 years ago. F2 is 54 years old. Lahu Nyi is her first
language and the language she uses with her family
members. She completed 6 years of elementary
school and received a secondary school certificate.
She is fluent in Thai and has a good command in
Cantonese. She served as the Lahu-Thai interpreter
for King Rama IV at the age of 20. She owns a store
and a coffee shop.

Table 2: Target words used in the current study.

Tone

Context

Gloss

[ʨa]1
[ʨa]2
[ʨa]3
[ʨa]4
[ʨa]5
[ʨa]6
[ʨa]7

ta41 tɕa33 te33
tɕa41 we33
ʔa41 tɕa44ʔ kʰɛɛ33
tɕa45 da33 we33
tɕa21 tɕɛɛ21
tɕa21ʔ kʰɤɤ33
tɕa22 la41-a33

Don’t do it.
to eat
robe
to attach
rice plant
machine
to feed

For citation tones, target syllables written in Roman
script with a tone mark (e.g. ca^) were used as
prompts for M1. For F2, index cards with meanings
written in Thai were used. One repetition of each
target word was elicited from M1 and two repetitions
from F2 were included in the analyses.
For tone production in a sentence carrier, target
words in Lahu written in International Phonetic
Alphabets and meanings in Thai were presented on an
index card. The researcher gave the context and the
meanings in Thai and asked each speaker to produce
the target word in Lahu. After being able to produce
the target Lahu word, the speakers (M1 and F1) were
asked to produce the target word in its context first
before producing 5 repetitions of the target syllable
[ʨa] only in the sentence carrier “I ____ say again.”:
/ŋa21 _____ te41 pɔ44ʔ
k'ɔ21ʔ k'o44ʔ we33/ (Lahu)
“I _____ one time only to repeat.” (English gloss)
For example, to elicit the target syllable [ʨa] with
tone 2, the speaker would produce the context word
/tɕa41 we33/ or “to eat” first, before producing the
sentence carrier. That is, the speaker would produce
/tɕa41 we33 ŋa21 tɕa41 (x 5 times) te41 pɔ44ʔ k'ɔ21ʔ k'o44ʔ
we33/ or “to eat I say eat eat eat eat eat again.” To
avoid the ‘list’ effect, the middle three repetitions
(repetitions #2, #3 and #4) were used for further
analyses.
2.3. Recording

2.2. Stimuli

Stimuli were /CVT/-[ʨa] syllables (see Table 2)
produced with all seven tones in isolation (by M1 and
F2) and in a sentence carrier (by M1 and F1). Since
Lahu speakers are not used to producing Lahu words
in isolation, each target word was introduced in a
context in which it is used. Once the speakers were
familiar with the target words, the elicitation
procedure proper began.
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Isolated tone production was recorded on Samsung
J7+ cellular phone at 44.1 kHz in a quiet room at
M1’s house and at F2’s store. The recording was then
converted from the MP4 to the .wav format for further
acoustic analysis.
Tone production in a sentence carrier was recorded
at M1 and F1’s house, in the same room, using a
digital recorder (Marantz, PMD661) and a headmounted microphone (Shure SM10A) at 44.1 kHz
sampling rate and 16-bit amplitude resolution. Each
target word was excised from its carrier sentence and

2.4. Acoustic Measurements

A text grid was created for each target sound file
using Praat 6.0.31 [11] to label vowel-onset and
vowel-offset. Using both the waveform and the
spectrogram displays, vowel onset was defined as the
onset of the first full glottal pulse and vowel-offset
was defined as the end of the last glottal pulse,
excluding creak or vocal fry, if any, to avoid F0
tracking errors. F0 values were then automatically
extracted from 20 time-intervals between vowel onset
and vowel offset using ProsodyPro [15]. Voice
quality measurements were performed using
VoiceSauce [14].

From Figure 1 and Table 3, we see that Tone 3 and
Tone 6 are the shortest and Tone7 the longest. The
remaining tones exhibit intermediate duration value.
Figures 2A and 2B present time-normalized pitch
contours produced by M1 and F2 respectively.
Figure 2a: Time-normalized pitch contour of Lahu
Nyi tones produced by a male speaker (M1).

Time-normalized F0 contours Male
Speaker (M1)

F0 (Hz)

stored as separate files for further analysis. All stimuli
produced by M1 and F1 in the sentence context were
verified by a native listener (F2).

3. RESULTS
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Results of the acoustic analysis of tones produced in
isolation will be presented first followed by those in
a sentence context.

T1
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T5
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T7

T4

3.1. Lahu Nyi tones in citation forms

Figures 1 displays raw pitch contours of the seven
tones produced in isolation by M1. Vowel duration
for both speakers are presented in Table 3.

Figure 2b: Time normalized pitch contour of Lahu
Nyi tones produced by a female speaker (F2)

Time-normalized F0 contours for speaker
(F2)

Figure 1: Raw pitch contours of citation tones in
Lahu Nyi tones produced by a male speaker (M1)

240
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220
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Table 3: Duration of the Lahu Nyi tones produced
by a male (M1) and a female speaker (F2).

Tone
speaker
1
2
3
4
5
6
7

Duration (msec)
male
female
487
489
494
415
177
131
495
480
442
452
179
153
506
575

T1

T2

T3

T5

T6

T7

T4

Overall, pitch contours for all seven tones are similar
between the two speakers. These acoustic results led
to our proposed pitch values and description of Lahu
Nyi tone system as shown in Table 4.

3884

Table 4: Proposed pitch value and description of
Lahu Nyi.

Pitch value

Description

1
2
3
4
5

33
41
44ʔ
45
21

6

21ʔ

A mid-level tone
A high-mid falling tone
A high-mid short tone
A high-rising tone
A low-falling tone +
slightly breathy
A low-falling short tone +
glottalization
A low-level tone + slightly
breathy

7

22

Time-normalized F0 contours for speaker
F1
240
220

F0 (Hz)

Tone

Figure 4: Tones in sentence context produced by a
female speaker (F1).
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Time intervals

Interestingly, our Lahu Nyi tone descriptions are
largely similar to those of Lahu Na described by
Lewis [5] using a larger set of data, but different from
those of Lahu Nyi described by Sirisai [12] due,
perhaps, to dialectal differences. In addition, we
found the two low tones (T5 and T7) to be slightly
breathy and exhibited lower Harmonic-to-NoiseRatio (HNR) between 0-3,500 Hz (1.78 and -2.08,
respectively) than all other tones. However, further
research with more data is needed to confirm this
result.
3.2. Lahu Nyi tones in Sentence Context

Figure 3 and Figure 4 show time-normalized pitch
contours of the seven tones produced in a carrier
sentence by M1 and F1 respectively.

Tone 1

Tone2

Tone3

Tone4

Tone5

Tone6

Tone7

For M1, evidence of tonal alternations (from citation
forms) is observed on T2, T3 and T7, with the most
noticeable change occurring on T2. Specifically, T2
exhibits a rising instead of a falling contour, while T3
demonstrate a slight fall and T7 a slight rise instead
of a level contour. No obvious pitch alternations are
observed for F1’s production.
4. CONCLUSION
Lahu Nyi spoken in Muang Na subdistrict, Chiang
Dao district, Chiang Mai province, Thailand contrasts
five lexical tones in open syllables and two lexical
tones in syllables closed with a glottal stop. Tones in
open syllables (unchecked tones) are longer than
tones in closed syllables (checked tones).
Glottalization (creaky voice or vocal fry) may
accompany a glottal stop in checked tones and low
tones are slightly breathy. Pitch contour alterations
are observed, particularly for a high-mid falling tone
when produced in the context of another high-mid
falling tone. More research is needed to confirm the
association between low tones and breathiness and
pitch contour alternation patterns in different tonal
contexts.

Figure 3: Lahu Nyi tones in sentence context
produced by a male speaker (M1).

Time-normalized F0 Contour for speaker
M1
140
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120

100
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ABSTRACT
Native context-based phonological constraints have
been proven to be influential in acquisition of
second language (L2) contrasts on the segmental
level. However, it still needs to check whether such
first language (L1) phonological constraints also
play a role in the perception of L2 suprasegments by
non-native speakers. Tonal language speakers
(Shanghai Wu dialect), whose L1 obeys a sandhi
rule dissimilar to that in Mandarin, served as the
experimental group, and Mandarin native speakers
served as a control group. In the results, a context
effect was detected for the non-native group, which
showed the transfer of phonology constraints in
Shanghai. Thus, it is suggested that L1 contextbased constraints would be incorporated into the
framework of PAM when making perceptual
predictions across languages.
Keywords: context-based phonological constraints,
categorical perception, L2 exposure, PAM
1. INTRODUCTION
1.1. Tonal perception

Generally, linguistic boundaries may exist for native
speakers when they perceive phonemes from their
own language systems [11]. Cross-linguistically,
native speakers show perceptual edges over L2
learners when perceiving their mother tongue,
whereas adult non-native speakers have to undergo a
long period of language learning to achieve a nativelike categorical level [14].
The L2 perception has been proved to be
influenced by several factors, among which, L1
experience is documented as one of the main
linguistic effects in perceiving L2 phonemes. As one
of influential L2 learning models, the Perceptual
Assimilation Model (PAM) ([2], [19]) hypothesizes
that, non-native phonemes can be assimilated into
perceivers’ L1 prosody categories. Exemplars exist
for which the goodness of fit can range from very
good to poor. For an example, if two L2 phonemes
are equally mapped to one exemplar in the L1
system, and the resultant perception is predicted to
be poor.
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Although PAM highlighted the dual effects from
both the phonetic and phonological aspects, those
effects have been richly tested by a majority of
perceptual studies that predominantly emphasized
the phonetic level, and weighted heavily toward the
phonetic inventory ([9], [11], [15]). Only a few
studies took into account the influence of L1
phonology when predicting the perceptual behaviors
by non-native listeners ([12], [19]), and barely no
research took into consideration of the L1 contextbased constraints. For an instance [12], to
investigated the effect of L1 sandhi rules in
perception of L2 tone contrasts. Subjects from the
three dialect-speaking areas and experienced English
learners of Mandarin were invited to identify Rugao,
Yantai, and Mandarin tones, which were dissimilar
in tone sandhi rules. In the results, both sandhi and
typology effects were detected, since different
perceptual-error types were generated according to
different sandhi rules in the speakers’ native prosody
systems.
On the segmental level, the context-based L1
phonology transfer has been detected both in L2
segment production ([3], [4]) and perception [7]. It
is also noteworthy that context-based constraints
will be unlikely to spread to all the situations that
occur in L2, and instead, it is more likely that only a
preserved structure or a similar context can trigger
such a transfer [3]. As reported in [4], when
acquiring French and Spanish rhotics, English (L1)
speakers showed sensitivity to the flap locations,
which could hardly be fully explained by the current
L2 learning models. Thus, it is necessary to
incorporate speech constraints, such as positionbased differences and unequally development in
phonetic parameters into the current L2 learning
models when making predictions of the production
difficulty for L2 learners [4].
1.2. L1 phonology and categorical features

1.2.1. Beijing Mandarin
Four primary contrastive lexical tones exist in
Mandarin. Under the 5-scale pitch framework [6],
the citation forms of the tones are usually given as
follows: the high-level tone (T1, 55), the mid-rising
tone (T2, 35), the dipping tone/low-falling-rising

tone (T3, 214), and the high-falling tone (T4, 51).
Contextually, T3 undergoes a leftward sandhi when
followed by another T3 [5].
In terms of Mandarin tones, T2 and T3 are rated
as the most confusing pair among the four lexical
tones for L1 and L2 listeners [15]. Hao (2012) [9]
rated the T2 and T3 confusion to be caused by the
natural acoustic similarity between the two tones.
Nevertheless, such an L1-independent view has been
challenged by some other empirical work ([12], [15])
pointing out that the perceiving of the instinctive
confusing pair T2 and T3 could be also impacted by
listeners’ preexisting phonetic systems.
1.2.2. Shanghai Wu
The contemporary Shanghai Wu dialect has five
citation tones [21]: the Yin (upper register) highfalling tone (W1, 53), the Yin mid-rising tone (W2,
34), the Yang (lower register) low-rising tone (W3,
13/14), the Yin high-checked tone (W4, 5), and the
Yang low-checked tone (W5, 2/12). There exist
context-based sandhi constraints in the prosody
system of Shanghai. Specifically, Shanghai
undergoes a rightward sandhi when the two syllables
are tightly connected in lexical meaning, and a
leftward sandhi will occur instead if the two
syllables are loosely correlated to each other.
Because the right-spreading rule occupies the
majority of the daily-use vocabulary, the rightward
sandhi seems dominant in the Shanghai dialect [22].
As shown in (1) to (3), there are primarily five
constrained allotones in Shanghai, among which the
high-level variant (FⅠ, 55) for W1, the mid-level
variant (FⅡ, 33) for W2, and the low-level variant
(FⅢ, 22) for W3 emerge only in the first syllables,
while all the tones shift to the low-falling variant (SⅠ,
21) and the mid-level variant (SⅡ, 44) in the second
syllables.
(1) W1+X→FⅠ+SⅠ; (2) W2+X→FⅡ+SⅡ
(3) W3+X→FⅢ+SⅢ
1.3. Current study

PAM theory, on segmental and suprasegmental
levels, successfully establishes a bond between the
perceptual behaviors and learners’ language
backgrounds. In applying the PAM, a majority of
studies that support PAM tend to explain the
phonetic features when establishing a bond between
L1 and L2 typologies, perhaps losing sight of the
irreplaceable role played by phonological constraints
and status. The main objective of this study was to
see whether a context-based phonological constraint,
which has been reported to be influential on the
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segmental level, can impact non-native speakers’
tone perception.
2. EXPERIMENT DESIGN
2.1. Participants

Eighteen native speakers of Mandarin from Beijing
(nine females and nine males, with a mean age =
20.1 yrs., SD = 2), and 20 Shanghai Wu dialect
speakers from a Shanghai urban area (10 females
and 10 males) participated in the experiment. All of
the subjects were right-handed and had no musical
training experience [13]; Also, none of them
suffered any speech or hearing difficulty. The dialect
speakers used Mandarin in school and spoke dialect
in their families. They were born and raised in
Shanghai city and had never left their hometown.
2.2. Materials

Real disyllabic words in Mandarin were partially
adopted from [16]. The selected words were
balanced in reference tone type (high and low) with
the target tones located either in the first or second
syllables. Each tonal combination contained two
words. All disyllabic words were recorded by a male
native speaker of Mandarin from Beijing.
Figure 1 Scheme for stimuli synthesis [18]

To synthesize the stimuli, pitches were
transformed into semitones, and synthesized using
the approach of PSOLA [16] in Praat. Given that
both native and non-native listeners could take
advantage of F0 height to distinguish pitches [8], the
pitch onsets of target syllables were set as 11st, and
offsets ranged from 9st to 19st with 1 semitone
difference. For target syllables, duration was
normalized at 140 ms. The reference syllables were
normalized as follows: 14-19st, 160 ms for T2, 1914st; 130 ms for T4 in the first syllable; 19-9st, and
130 ms for T4 in the second syllable. The mean
intensity for all syllables was normalized at 65 dB.

2.3. Procedure

The experiment was completed in a sound-treated
room at the Hong Kong Polytechnic University for
Mandarin native speakers, and at the Shanghai
Jiaotong University for the Shanghai group. During
the procedure, the participants sat in front of a 13inch desktop (i5 core, USB interface: 3.0) with a
Boom headphone (Nady QHM-100 stereo).
The identification task, were programmed with
E-prime 2.1 (Psychology Software Tools, Inc.,
Pittsburgh, Pa., USA). The binomial forced-choice
AX paradigm with an inter-stimulus interval of
1500-ms was employed. The subjects completed the
exercise block first, and in an identification task,
participants heard one stimulus at a time and
recognized it from two given words displayed. The
stimuli randomized with 5 repetitions, and the whole
experiment was accomplished within one hour.
2.4. Data analysis

Categoricity is commonly described with 50%
crossover of identification curves, a linear distance
between 25% and 75% percentile (boundary width,
CB), and a discrimination peak [20]. The
discrimination peak and category position have been
demonstrated to be language independent, whereas
the CB has been reported to be L1 dependent ([17],
[19]). Thus, only CB was further utilized as an
indicator for category degree in this report.
The identification rate is defined as the
proportion of the occurrence of target tones out of
total responses [17]. The CB were generated with
Probit analysis [10], and those CB values with
significant χ2 (p < .05) were filtered out from the
data pool. Eventually, 140 (18 subjects × 8 words - 4
outliers) CB values were acquired for the Mandarin
group and 150 (20 subjects × 8 words - 10 outliers)
CB values were collected for the Shanghai group.
LMM were applied with lme4 package in R (ver.
3.5.1) due to their clear advantages over multiple
regression in assessing hierarchical, nested data [1].
Likelihood Ratio Tests (LRT) were conducted to
decide the intercepts and slopes of the random
effects. Bonferroni-correction was adopted to adjust
p-values for multiple comparisons.

were considered as random effects. Since no
significance was reported by tone reference, it was
thus removed from the model. According to the
simplified LMM, for the random effects, the subject
intercept exhibited a random effect with a variance
of 0.003 (SD = 0.06), and the word intercept had a
variance of 0.012 (SD = 0.11).
Table 1 Parameters of LMM for CB results.
Estimate (β), standard errors (SE), degree of
freedom (df), t value and p value were reported for
the fixed effects.

Intercept
L1
Location
L1×
Location

β
1.26
0.09
-0.3

SE
0.28
0.16
0.18

df
69.9
280.4
68.6

t
4.43
0.6
-1.8

p
<.001
.54
.071

0.31

0.1

246.2

3.08

.002

The average values of CB were exhibited in
Figure 2 in terms of the different syllable locations
and reference tones. According to figure 2, firstly,
the CB values for Mandarin participants narrowly
ranged from 1.24 to 1.44, whereas, the values fell in
a large range of 1.73 to 2.21 in terms of the
Shanghai subjects. Thus, a clear L1 difference of CB
can be seen between the native and non-native
groups.
Moreover, with regard to the fixed effects,which
were illustrated in Table 1, an interaction (β = 0.31,
SE = 0.1, t (246.2) = 3.08, p = .002) between the L1
background and syllable location was found in terms
of CB, indicating a location difference for certain L1
groups. Hence, the contextual differences in CB
would be further uncovered depending on different
L1 groups.
Figure 2 Bar graph for boundary width across
Mandarin and Shanghai speakers in terms of
different syllable locations and tone references.
The standard deviations are illustrated with vertical
bars.

3. RESULTS
An LMM was conducted with CB as the dependent
variable, and with L1 background (Mandarin,
Shanghai), syllable location (first and second
syllable), and reference tone (High, Low) as fixed
factors. LRT (χ2 (2) = 1.22, p = .54) suggested that
subject slopes for location and reference tone were
not included, and only subject and word intercepts

3889

Mandarin group, according to post-hoc Tukey
test, was free of any syllable location effect (p = .93),
with a CB value of 1.33 (0.41) in the first syllable

and 1.32 (0.37) in the second syllable. However, a
location difference was also detected in Shanghai
group, with Shanghai CB value was averagely much
higher (p < .001) in the second syllable (mean = 2.06,
SD = 0.54) than in the first syllable (mean = 1.75,
SD = 0.42). In other words, compared with the
native speakers, the Shanghai subjects showed a
clear location-specific perceptual performance.
4. DISCUSSION AND CONCLUSION
The smaller the CB value, the higher the degree of
categorization that will be obtained toward the sound
continuum [11]. In the current results, Mandarin
speakers showed a native perceptual advantage over
Shanghai group, with narrow category boundaries
for the identification task. Thus, the Mandarin result
confirms the declaration of an “L1 advantage” [14].
Moreover, it was interesting to find that the
contextual environment played different roles in the
perceptual results of native and non-native speakers.
Mandarin speakers behaved insensitively toward the
different target locations, which is consistent with
the previous findings [18], who used stimuli that
were similar to the ones we used in the experiment.
In contrast, the Shanghai speakers had a noticeably
higher categoricity when the tones were targeted at
the first syllable location. Hence, we were eager to
see why the contextual effect in the Shanghai group
drifted away from that in the native group. A
contextual difference in non-native sound perception
is probably derived from learning strategy or
phonology impact [4]. According to the previous
study [9], experienced English-speaking learners of
Mandarin were likely to have perceptual advantages
when the target sound was located in the second
syllable position, and learners showed their highest
error rate for the first position. Hence, the contextual
effect for Shanghai speakers does not tend to result
from the application of L2 learning strategies. On
the contrary, it might attribute to the phonological
transfer of speakers’ L1 prosody system instead.
Thus, the current work expands the previous studies
([3], [7]) to a suprasegmental dimension,
emphasizing that the L1 context-based constraints
might impact the dialect speakers’ perception of
non-native tone contrasts. Moreover, the current
study also supports the claim [12] that for dialect
speakers, L1 and L2 tone systems are not stored in
separation but instead, they also fit non-native tones
into the existent native norms, such as the tone
sandhi rule.
Accounting for PAM, a large amount of previous
research attached great importance to the effect of
L1 typology. Both Mandarin T2 and T3 are
assimilated as W3 tone category in Shanghai [21], so
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a poor perceptual result is expected for Shanghai
speakers when perceiving the two tones, which goes
along with the current results. However, the
contextual effect detected for Shanghai speakers
cannot be fully explained by such typology-based
prediction. Since Shanghai dialect undergoes a
context-based tone sandhi, the low-rising W3
actually realizes as either high, mid or low level
variants in the first syllables, and shifts to mid-level
or low-falling variants when located in the second
syllables. Instead of a single assimilation pattern
introduced in [21], different tone assimilation might
occur according to syllable locations, leading to
different perceptual predictions. This is because the
transfer of context-based constraints only occurs in a
similar structure instead of spreading to all
environments ([3], [7]). In the near future, a followup experiment is expected to be done to explore the
assimilation pattern between Mandarin and Shanghai
tone categories in terms of different syllable
locations.
Similarly, when investigating the production of
the Spanish alveolar taps by English speakers,
Colantoni and Steele (2008) [4] found that the
results varied vastly depended on the flap locations
being under the impact of the position-based
constraints of rhotics in English prosody. Together
with [4] , the current study thereby supports the
proposal that the explanatory power of PAM will be
enlarged if the effect of the L1 context-based
constraints are incorporated into the model’s
theoretical framework.
This article identifies the impact that L1
phonological constraints exerted on the acquisition
of L2 tone contrasts. A contextual difference, which
was detected in the perception results for the
Shanghai speakers, cannot be successfully predicted
by a typology-based assimilation pattern with
respect to PAM. And it is necessary to incorporate
constraint effects into the framework of the PAM
theory on a suprasegmental level. Beyond PAM,
those results reinforce and extend the existing view
about the effect of L1 phonological constraints, from
a segmental level to a suprasegmental level.
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especially well-prepared for interdisciplinary work
because phonetics is a highly interdisciplinary field,
with strong ties to acoustics, physiology and computer modelling as well as to the humanities. This
point is illustrated here by reporting on lessons learnt
when using an automatic phoneme transcription tool,
Persephone (/pərˈsɛfəni/) [1], which can build an
effective single-speaker acoustic model on the basis of limited training data, on the order of 100 to
250 minutes of transcribed speech. Emphasis is not
placed on the tool's practical usefulness for language
documentation [6, 18], but on opportunities that it offers for phonetic research.

ABSTRACT
Automatic phonemic transcription tools now reach
high levels of accuracy on a single speaker with relatively small amounts of training data: on the order of 100 to 250 minutes of transcribed speech.
Beyond its practical usefulness for language documentation, use of automatic transcription also yields
some insights for phoneticians. The present report illustrates this by going into qualitative error analysis
on two test cases, Yongning Na (Sino-Tibetan) and
Tsuut’ina (Dene). Among other benefits, error analysis allows for a renewed exploration of phonetic detail: examining the output of phonemic transcription
software compared with spectrographic and aural evidence. From a methodological point of view, the
present report is intended as a case study in Computational Language Documentation: an interdisciplinary approach that associates fieldworkers (“diversity linguists”) and computer scientists with phoneticians/phonologists.

2. METHOD
2.1. The automatic phonemic transcription method

The phonemic transcription tool used in this study
implements a connectionist temporal classification
model similar to that of [7]. Filterbank features
(analogous to a spectrogram) are extracted from the
waveform in overlapping 10ms frames. These are
then fed into a multi-layer recurrent neural network which predicts the probability of a transcription symbol given the frame and its surrounding
acoustic context. A key feature of this approach is
that the model has no hard notion of phoneme or
segment boundaries. Suprasegmental acoustic information can be captured by the neural network,
which has the capacity to make predictions based on
both immediate and long-ranging acoustic cues. The
code and a link to documentation can be found at
https://github.com/persephone-tools/persephone.

Keywords: speech recognition, machine learning, error analysis, interdisciplinarity, Computational Language Documentation.
1. INTRODUCTION: PHONETICS AND
AUTOMATIC SPEECH RECOGNITION
Speech recognition has progressed in recent years,
but with less collaboration between computer scientists and linguists than one could wish for: improved performance is mostly gained by leveraging
the power of new statistical tools and new hardware.
A lot is nonetheless at stake in collaborations between linguists and specialists of Natural Language
Processing. Hand-crafted features can be meaningfully integrated in deep learning [23], with more
promising results than under an 'end-to-end' blackbox approach (see also [10]). Interdisciplinary dialogue is as relevant in the age of machine learning
as ever, and it can be argued that phoneticians are

2.2. Cross-validation: creating ‘parallel-text’ versions to compare the linguist’s transcription with
an automatically generated transcript

To compare manual transcripts with automatically
generated transcripts, one of the transcribed texts is
set aside, and an acoustic model is trained on the rest
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of the corpus (the training set), then applied to the
target text. This procedure, referred to technically as
“cross-validation”, was applied to each of the texts in
turn.

In this short example, transcription errors occur
on the two occurrences of the proper name 'Erchei
Ddeema' (the name of one of the characters in the
story), phonemically /ɻ ̍˩ʈʂʰe˧ ɖɯ˩mɑ˩/. In view of
the tool's overall low phoneme error rate (on the
order of 17%), it is striking to find nine errors on
tones and consonants in a sequence of just eight
syllables. Examining all occurrences of this name
in the text, it turned out that none was devoid of
mistakes: see Table 1.

2.3. Choice of qualitative analysis

It is common to perform quantitative evaluation of
such models against a human reference transcription
using phoneme error rate, as was done for Yongning
Na in [1]. In this study, we complement such quantitative investigations with qualitative analysis of the
errors. To facilitate this, we generated parallel-text
files (in PDF format) with colour-coded inconsistencies between the manual transcripts and the automatically generated transcripts, which we then hone in
on for qualitative analysis.

Table 1: Automatic transcription of the eleven
instances of the name ‘Erchei Ddeema’, /ɻ ̍˩ʈʂʰe˧
ɖɯ˩mɑ˩/, occurring in the narrative BuriedAlive2.

sentence
S13
S14 (1st)
S14 (2nd)
S18
S77
S105
S106
S107
S129
S132
S147
reference

3. YONGNING NA: HIGHLIGHTING THE
ACOUSTIC SPECIFICITY OF LONG WORDS
Yongning Na is a Sino-Tibetan language of Southwest China [16]. A repository dedicated to Na
data has a specific folder for materials related to
Persephone: https://github.com/alexis-michaud/
na/tree/master/Persephone. The complete set of
'parallel-text' versions of the twenty-seven Na
narratives available to date is available in the folder
2018_08_StoryFoldCrossValidation.
The various other materials of the present study (including the manual transcriptions) are also available
for download from the same repository, following
principles of Open Science (as advocated e.g. by
[3]). The audio files with annotated transcriptions
can be consulted online in the Pangloss Collection
[14].

An example of the parallel-text view is shown below,
with highlighted differences between the linguist's
transcription, in the first line, and the automatic transcription (the acoustic model's best hypothesis) in the
second line. Glosses are provided in (1).

ɑ˩
æ˩
ɻ̍˩
ɻ̍ ˧
æ˩
ɻ̍˩
æ˩
ɻ̍˩

syll. 2

ʈʂʰ ɯ ˥
ʈʂʰ e ˧
ʈʂʰ ɯ ˧
ʈʂʰ e ˧
tʰ i ˥
ʈʂʰ ɯ ˧
ʈʂʰ e ˧
ʈʂʰ ɯ ˧
ʈʂʰ ɯ ˧
ʈʂʰ ɯ ˧
ʈʂʰ ɯ ˧
ʈʂʰ e ˧

syll. 3

ɖɯ˧
ɖɯ˧
bi˧
ɖɯ˧
ɖɯ˧
ɖɯ˧
ɖɯ˧
dʑ ɯ ˧
ɖɯ˧
ɖɯ˧
ɖɯ˧
ɖɯ˩

syll. 4

m v̩ ˩
mæ˩
mæ˩
mɤ˩
mɑ˩
mɤ˧
mɤ˧
mɤ˧
mɤ˧
mɤ˧
mɤ˧
mɑ˩

The vowel in the second syllable is identified as
/ɯ/ in a majority of cases. In Na, /ɯ/ has an apical
allophone after retroflex fricatives and affricates, i.e.
/ʈʂʰɯ/ is realized as [ʈʂʰʐ]̩ . Classification as /ɯ/ instead of /e/ can therefore be interpreted as a case of
hypo-articulation of the vowel: the tongue's movement towards a [e] target is not as ample as in the
statistically dominant pattern (as identified by the
automatic transcription software). The tongue remains close to the configuration that it adopted for
the consonant [ʈʂʰ], leading to the identification of

ɻ̍˩ ʈʂʰe˧ ɖɯ˩ mɑ˩ ɻ̍˩ ʈʂʰe˧ ɖɯ˩ mɑ˩ pi˧ dʑo˩
æ̃˩ ʈʂʰe˧ ɖɯ˧ mæ˩ ʈʂʰɯ˧ bi˧ mæ˩ pi˧ dʑo˩
ɻ ̍˩ʈʂʰe˧ ɖɯ˩mɑ˩ pi˧

pæ˩
æ̃ ˩

The first syllable, a syllabic approximant /ɻ/,̍ is
identified as a vowel in six cases, i.e. there is not
enough acoustic evidence of retroflexion for identification as /ɻ/.̍ (The initial p in S13 is not a surprising mistake: a hard onset – initial glottal stop – can
be difficult to distinguish acoustically from p.) This
syllable goes unnoticed in two examples where it follows the preceding vowel without a sharp acoustic
discontinuity. Fig. 1 shows a spectrogram. A brief
glottalized span is visible; it presumably contributes
to signalling phrasing, as in various other languages
[11, p. 3218]. This glottalization may be in part responsible for lack of detection of the [ɻ]̍ despite the
presence of hints such as a final decrease in the third
formant.

3.1. High error rate on a quadrisyllabic proper name:
qualitative observations

(1)

syll. 1

-dʑo˩

Erchei_Ddeema to_say TOP
“ 'Erchei Ddeema! Erchei Ddeema!' [she]
called out.”
(BuriedAlive2, sentence 13;
direct access:
https://doi.org/10.24397/pangloss-0004537#S13)
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Figure 1: Example S14, where the second occurrence of /ɻ/̍ was not identified by automatic
transcription software. (Scale of spectrogram: 08,000 Hz. Time scale: 1.78 second.)

words vs. function words); the extent to which function words are 'hypo-articulated' (weakened) varies
across languages [4]. In Na, there is no conspicuous difference between function words and lexical
words in terms of error rates in phonemic recognition; this observation (which remains to be quantified) suggests that the acoustic difference is relatively limited, in comparison with acoustic differences between words of different lengths. There is
thus a hope of gaining typological insights into differences across languages in the relative importance
of the various factors that contribute to allophonic
variation.
From a practical point of view, these findings suggest that gains in accuracy can be obtained in future
work by incorporating word boundary information
in the training set. This information is present in the
original data set, but had been removed when preprocessing the data to serve as training corpus.

the syllable as [ʈʂʰʐ]̩ (phonemically /ʈʂʰɯ/). Categorization of the vowel of the fourth syllable as /ɤ/
instead of /ɑ/ is also interpreted as resulting from
hypo-articulation.
The third syllable is least affected by misidentification, but its tone is systematically identified as
Mid (˧) instead of Low (˩). Acoustically, the quadrisyllabic name's /L.M.L.L/ pattern is realized with
higher f0 values on the middle syllables (the third
as well as the second) and somewhat lower f0 values
on the first and last syllables. This is reminiscent of
word-level patterns found in polysyllabic languages,
a similarity which allows us to proceed to an interpretation.

4. TSUUT’INA (DENE): REVEALING THE
PHONEMIC VALIDITY OF AN
ORTHOGRAPHIC CONTRAST
Tsuut’ina, a Dene language spoken in southern Alberta, Canada, has been analyzed in previous descriptive linguistic studies as having four phonemic
vowels, i, a, o, u (IPA: /ɪ a ɒ ʊ/) [13, 5]. Recent
acoustic studies based on the speech of several firstlanguage Tsuut’ina speakers have arrived at different conclusions as to the synchronic reality of this
analysis, however, particularly concerning the independence of the low vowels /a/ and /ɒ/. Whereas
[2] concludes that these four vowels are still distinct
phonemes, even though the acoustic distance between /a/ and /ɒ/ is small, [20, 21] hypothesizes that
these differences are instead allophonic realizations
of a single low vowel phoneme (i.e., /ɒ/ when long
or when short and appearing before a back consonant, and /a/ elsewhere). The close relationship that
exists between these two vowels is reflected in metalinguistic observations of first-language speakers of
Tsuut’ina, as well, who have reported that the apparent contrast between /a/ and /ɒ/ may be marginal and
not consistently realized in all cases or by all speakers where it would be expected historically.
In the materials used in the present study, it thus
was an open question whether or not this contrast
was consistently present in a recognizable way in
spontaneous speech. The materials used as a training
set to create an acoustic model with Persephone
nonetheless contain the distinction between /a/ and
/ɒ/ (orthographic a and o), because the model trained
for Tsuut’ina takes as input an orthographic repre-

3.2. Interpretation of the findings

In Na, lexical roots are monosyllabic, following dramatic phonological erosion in the course of history [9]. These roots combine anew into disyllables
through compounding and affixation, so that disyllables are widely attested, and combine, in turn, into
longer words [15]. Words of four syllables or more
make up about 6% of a 3,000-word lexicon [17] and
their frequency of occurrence in the 27 texts is similar (5.5%). Quadrisyllables are thus marginal. This
fact is held to be key to the errors shown in Table 1: the acoustic model tends to 'overfit' to the
statistically common types (monosyllabic or disyllabic morphemes, with limited phonological material, and consequently articulated with precision), to
the detriment of the less common types (long words,
with enough phonological materials that some can
be hypo-articulated with little threat to intelligibility). It should not come as a surprise to phoneticians with an interest in the typology of word structures and prosodic structures. But analysis of automatically generated transcriptions opens fresh perspectives for investigating the hierarchy of factors
influencing allophonic variation. These factors are
known to include the nature of the words (lexical
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systems such as Persephone offer in distinguishing phonetically close segments such as these has
further proven valuable in preparing new transcriptions of Tsuut’ina materials, providing phonetically
grounded hypotheses against which the intuitions of
contributing speakers and transcribers can be compared.

sentation that is phonemic in orientation, not a string
of IPA symbols. This presents an opportunity to explore the nature of this distinction further: if no consistent phonetic contrast was being made at all between /a/ and /ɒ/, then the statistical model would
not be able to distinguish them consistently.
Interestingly, the acoustic model does a surprisingly good job of distinguishing the two hypothesized phonemes, /a/ and /ɒ/, both in short and long
realizations. This can be interpreted as evidence that
the speaker of Tsuut’ina represented in the audio materials still makes the distinction. It is not at all impossible that acoustic models could outperform linguists that are non-native speakers of the language
they work on and who have difficulty hearing certain phonemic contrasts.
A methodological caveat is in order here. As explained in §2.1, the acoustic model takes context
into account. It is theoretically possible that the
neural network learnt to distinguish where to transcribe /a/ and /ɒ/ on the basis of context by using the
text in the training data, rather than acoustic characteristics found in the signal. Thankfully, there
is some evidence that speaks against that possibility here. If this contrast were allophonic and predictable from consonantal environment and vowel
length, then one might expect the statistical model
to struggle to distinguish /a/ and /ɒ/ in long vowels, where any phonetic contrast is reportedly neutralized [20]. But in the Tsuut’ina materials considered here, we find little conclusive evidence to suggest that segmental context is sufficient on its own to
allow for the level of consistency in disambiguation
that automatic phoneme recognition provides. In the
case of long vowels, where phonetically grounded
distinctions between these segments are reportedly
minimized, we find /a/ and /ɒ/ appearing in the same
segmental environments (e.g., word-finally after kʼ,
as in k'oo /kʼɒː/ 'recent' vs. chák'aa /tʃʰákʼaː/ 'rib').
While this suggests that context alone cannot fully
distinguish these vowels, it is still possible that the
model may be learning the statistical distribution of
these phonemes over segmental contexts from the
textual training data and applying that information
to the task of recognition (e.g., all other things being
equal, returning /ɒ/ rather than /a/ in specific contexts where the former vowel is more frequent than
the latter). The extent to which it does this has not
been rigorously explored yet, and merits further attention in future research.
Use of automatic phonemic transcription thus has
the side benefit of offering additional evidence on
a difficult aspect of the Tsuut’ina phonemic system.
The support that automatic phonemic transcription

5. FUTURE WORK
The work reported here is still at an early stage.
There are many topics to explore, and there is much
testing to be done. One point that seems worth
highlighting is the perspective of extracting knowledge from the acoustic model: attempting to retrieve knowledge from the acoustic models generated through machine learning. Machines follow
procedures that differ from those of linguists, and reflections on these (statistical) procedures could help
characterize phonemes in terms of their defining
acoustic properties, going beyond the categorization
allowed by the International Phonetic Alphabet symbols and diacritics: for instance, characterizing differences between phonemes transcribed as /i/ in different languages [22]. Varying the input and evaluating differences in the output (i.e. conducting ablation studies) is one way to assess the role of different
types of information in the acoustic signal.
Due to the nature of the statistical models, known
as ‘artificial neural-network models,’ it is not easy
to retrieve knowledge from the model: spelling out
which acoustic properties are associated with which
phonemes. Software based on a neural-network architecture is generally used as a black box. But there
is a growing area of research on devising methods to
open the box in order to relate what the model predicts (in the case of Persephone: the phonemes,
tones, and tone-group boundaries) to input variables
that are readily interpretable, and which humans can
make sense of [19, 8, 12]. The use of such methods has the potential to amplify the insights the tool
of speech recognition technology can provide to the
phonetic sciences.
6. CONCLUSION
The insights presented above constitute a side benefit
of team work in the budding interdisciplinary field of
Computational Language Documentation. One discipline's 'by-products' can constitute relevant input
for another, and what constitutes mere application
in one field (such as development of a fine-tuned
phonemic transcription tool) can open new research
perspectives in another field.
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ABSTRACT

a researcher. Apps lower the pressure of defining
the best sampling selection process, which speakers
and what data exactly to collect. Moreover, additional meta informations can be collected automatically from mobile devices (geographic coordinates,
movement patterns, images, time codes). For instance, images (photos taken by potentially hundred
of users) can be used to enrich lexical databases
or, conversely, these images can be used to elicit
speech.
With such a technology, we may envision oral language documentation collections growing very large
with many speakers and material to study a bunch
of linguistic phenomena, from acoustic-phonetics to
discourse analysis, including phonology, morphology and lexicon, grammar, prosody and tonal information. Large scale data collection also allows
to collect statistically significant data, for instance
on dialectal and socio-linguistic variation. However,
large data collections require well organized repositories to access the content, with efficient file naming and metadata conventions that should also facilitate automatic processing.
Contribution. This paper presents the lessons
learned after 3 years of development and use of a
data collection app (L IG -A IKUMA). While significant data collections were conducted, this has not
been done without difficulties. Some mixed results
lead us to stress the importance of design choices,
data sharing architecture and user manual. We also
discuss other potential uses of the app, discovered
during its deployment: data collection for language
revitalisation, data collection for speech technology
development (ASR) and enrichment of existing corpora through the addition of spoken comments.

Lig-Aikuma is a free Android app running on various mobile phones and tablets. It proposes a range
of different speech collection modes (recording,
respeaking, translation and elicitation) and offers
the possibility to share recordings between users.
More than 250 hours of speech in 6 different languages from sub-Saharan Africa (including 3 oral
languages in the process of being documented) have
already been collected with Lig-Aikuma. This paper
presents the lessons learned after 3 years of development and use of Lig-Aikuma. While significant data
collections were conducted, this has not been done
without difficulties. Some mixed results lead us to
stress the importance of design choices, data sharing architecture and user manual. We also discuss
other potential uses of the app, discovered during
its deployment: data collection for language revitalisation, data collection for speech technology development (ASR) and enrichment of existing corpora
through the addition of spoken comments.
Keywords: Mobile applications ; data collection ;
language documentation ; speech recording ; eliciting speech
1. INTRODUCTION
Mobile apps can be now easily produced and authors
such as [6] believe that an upcoming technological
revolution is on the way and that we could face "a
great transformation of the field triggered by an exponential increase in the use of smartphones and
tablets .../... even in less developped regions of the
world. .../... The development of simple and intuitive
app interfaces for smartphones and tablets is having a democratizing effect, allowing for the engagement of user groups who were unable to participate
in earlier phases of the digital revolution."
Using apps on mobile devices, it is now possible to collect audio and video recordings from
large number of speakers with lower supervision of

2. THE APP AND ITS EVOLUTION
L IG -A IKUMA is an improved version of the Android
application Aikuma initially developed by Steven
Bird and colleagues [4]. Features were added to the
app in order to facilitate the collection of parallel
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Table 1: Main features of L IG -A IKUMA

F EATURES
Recording and documentation
Respeaking and oral
translation
Extras : Sync.
and
Sharing, Geolocalisation,
Textless interface
Elicitation (text-imagevideo) mode
User profiles, Consent
form, Metadata
Automatic backup of interrupted sessions
Multilingual interface and
User feedback
Documentation (samples,
tutorial, . . . )
Export to Elan

A IKUMA
Ë

L IG -A IKUMA
Ë

Ë

Ë

Ë

Ë

é

Ë

é

Ë

é

Ë

é

Ë

é

Ë

é

Ë

3. DATA COLLECTION OF THREE ORAL
BANTU LANGUAGES
So far, L IG -A IKUMA was used to collect data in
three unwritten African Bantu languages in close
collaboration with three major European language
documentation groups (LPP, LLACAN in France;
ZAS in Germany).
Basaa, which is spoken by approximately
300,000 speakers (SIL, 2005) from the “Centre" and
“Littoral" regions of Cameroon, is the best studied of
our three languages. The earliest lexical and grammatical description of Basaa goes back to the beginning of the twentieth century [20] and the first
Basaa-French dictionary was developed over half a
century ago [14]. Several dissertations have focused
on various aspects of Basaa [18, 16] and the language also benefits from recent and ongoing linguistic studies [5, 12, 11].
Myene, a cluster of six mutually intelligible varieties (Adyumba, Enenga, Galwa, Mpongwe, Nkomi
and Orungu), is spoken at the coastal areas and
around the town of Lambarene in Gabon. The
current number of Myene speakers is estimated at
46,000 [15]. The language is presently considered
as having a “vigorous" status, but the fact that no
children were found that could participate in a study
on the acquisition of Myene suggests that the language is already endangered. A basic grammatical
description of the Orungu variety [2] is available, as
well as a few articles on aspects of the phonology,
morphology and syntax of Myene ([21] and references therein).
Our third and last language, Embosi (or alternatively Mbochi), originates from the “Cuvette" region
of the Republic of Congo and is also spoken in Brazzaville and in the diaspora. The number of Embosi
speakers is estimated at 150,000 (Congo National
Inst. of Statistics, 2009). A dictionary [3] is available and, just like Basaa and Myene, the language
benefits from recent linguistic studies [1, 7].
From a linguistic perspective, the three languages
display a number of features characteristic of the
Bantu family: (i) a complex morphology (both nominal and verbal), (ii) challenging lexical an postlexical phonologies (with processes such as vowel elision and coalescence, which bring additional complexities in the recovery of individual words), and
(iii) tones that serve establishing both lexical and
grammatical contrasts.
As shown in Table 2, 239h of speech data in 3
languages were collected with L IG -A IKUMA. The
corpus is composed of 65h of recorded speech, 83h
of respoken speech and 69h of French translations of

speech data in line with the requirements of several field linguists interviewed. The resulting app,
called L IG -A IKUMA, runs on various mobile phones
and tablets and proposes a range of different speech
collection modes (recording, respeaking, translation
and elicitation).
The application L IG -A IKUMA has been successfully tested on different devices (including Samsung Galaxy SIII, Google Nexus 6, HTC Desire 820
smartphones and a Galaxy Tab 4 tablet). It can be
downloaded from a dedicated website.1
Table 1 presents the main features of the app.
Recording lets simply record speech. Respeaking,
initially introduced by Woodbury [22], involves listening to an original recording and repeating what
was heard carefully and slowly. This results in a
secondary recording that is much easier to transcribe
later on (transcription by a linguist or by a machine).
In this recording mode, parallel audio data mapping
is captured (between source recording and respoken
recording). Translating is a translation of an original
recording. In Elicitation mode, the user can load a
text, an image or a video from the device and then
record read speech or comment on images/videos.
In addition to those recording modes, the app has
the following features: smart generation and handling of speaker metadata (age, languages spoken,
geolocalisation) ; automatic backup of interrupted
sessions ; data sharing between users ; automatic
generation of a consent form (from speaker’s metadata) ; export to Elan software.2 The interface and
the documentation are available in 3 different languages (English, French and German).
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the respoken utterances. Speech was also elicitated
from images or texts (22h).
Table 2: Overview of data collections for 3 oral
Bantu languages made with L IG -A IKUMA
Language Record. Respeak. Translat. Elicitat.
Basaaá
23h
24h
34h
8h
Mboshi
33h
30h
30h
14h
Myene
9h
29h
5h
x
Total
65h
83h
69h
22h

More details on these data collections can be
found in [19, 10] for Mbochi and Basaa respectively.
A subset of 5k utterances in Mbochi was also provided to the community for computational language
documentation experiments [9] and is distributed by
ELRA.3
4. LESSONS LEARNED
4.1. Recording outdoors and indoors

A frequently asked question from linguists about the
mobile app concerns the quality of the recordings
obtained. Our experience, after recording several
hundreds hours of speech, shows that modern smartphones and tablets are equipped with good microphones that provide good quality recordings for further human or automatic analysis. It is important,
however, to control the recording environment and
following recommandations can be made on this aspect. First, the smartphone (or tablet) must be placed
on a table rather than being handled at the time of
the recording, in order to avoid unwanted noises due
to phone manipulation. Secondly, recording should
be done preferably indoors to limit environmental
noises (sounds of children or animals, footsteps, discussions, wind, etc). Even indoors, to prevent reverberation and echo, it is preferable not to stand too
close to a wall and, if the room is poorly furnished,
the walls should be covered with a heavy fabric to
muffle the sound. Should the recording occur outdoors, the use of a lapel microphone is strongly recommended in order to be as close as possible to the
speech source. Finally, another issue faced with the
mobile app use outdoors is the reflection of the sun
on the tablet/smartphone screen, which sometimes
makes it difficult to view videos or images for the
elicitation mode (especially with elderly speakers
having vision problems).

is that missing data is found on return from the field
trip. For this reason, we developed lately a new feature called speaker profiles which saves all speakers’
metadata automatically (when metadata of a new
speaker is filled in, it is saved - in a so called profile - and can be retrieved with an import button).
Moreover, the possibility of using speaker metadata
to automatically generate consent sheets has been
proposed and implemented: a pdf file is automatically generated according to a template prepared by
the user and then filled in with the speaker’s information (age, name, etc.). During the use of the app,
we also realized the need to add other metadata / informations at the end of a recording session (about
recording conditions, speaker behavior, etc.) but this
feature does not exist yet in our code and is left for
future improvements. Finally, the need to annotate
non-speech segments, expressed by the users, lead
us to introduce this possibility for the respeaking and
translation modes. The time codes of the non speech
segments are then stored in a file placed in the same
folder as the recording.
4.3. Limited autonomy of mobile devices

The application runs on a mobile terminal with non
infinite autonomy (usage time and memory). It is
thus essential to plan recording sessions that do not
exceed this autonomy and to plan "rest" periods
used to recharge the phone’s battery and export the
recorded data to a laptop or to an external disk. This
is all the more important as the mobile phone (or
tablet) may be used for other functions such as capturing images and videos. Consequently, when developing the app, we paid particular attention to optimizing the code to preserve the autonomy of the
mobile device. In the event of a phone shutdown or
crash in the middle of a recording session, we also
provide a complete backup of the session history in
order to avoid losing data and to be able to return to
the exact point of the current session after recharging the phone.
4.4. Global architecture for data collection

An engineer was responsible for gathering data from
all the different linguists in 3 bantu languages, backing it up on a single server and checking its integrity. This process must be facilitated if we want
to scale up to 100 languages. For instance, the
data collected on each deployed mobile device must
be regularly deposited (synchronized) on a backend server that ensures data backup and integrity.
Such a global architecture for data collection still
needs to be designed. Ideally, we would like an

4.2. Importance of metadata

Filling in metadata is sometimes considered a tedious task by users. This sometimes resulted in incomplete or too quickly filled forms. A consequence
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useful for collecting speech for technological development purposes targeting under resourced languages. For instance, 10h of read speech in Fongbe
(spoken especially in Benin, Togo, and Nigeria)
were collected using the elicitation (from text) mode
of the app. The first ever ASR system for this
language was trained using this initial corpus [13].
Similarly, 7h40 of speech in Amharic (Ethiopia)
was recorded after translating the Basic Traveler
Expression Corpus (BTEC) under a normal working environment [17]. An ASR system was trained
to recognize basic travel expressions in Amharic.
These two data collections, accelerated by the use
of the app, allowed two African doctoral students to
quickly record a dataset for their researches in automatic speech recognition (ASR). An ASR system
for Wolof (Senegal) was also developed in [8] and
used for analyzing vowel length contrast in different
dialectal variants of Wolof.

architecture that keeps track of all recordings distributed through N autonomous mobile devices, that
addresses internet connectivity issues, that verifies
data integrity and facilitates automatic quality control. It should also provide less labour-intensive data
uploading and compiling.
4.5. Need for documentation and tutorials

In the first few months of the project, misunderstandings about how to use the app led us to write
documentation in three languages (French, English,
German). We have also added a video tutorial (in
French with English subtitles) to these written documents, as well as a quick introduction to the application in the form of a 90mn practical exercice.4
5. FUTURE EXTENSIONS AND
OPPORTUNITIES
During the use of L IG -A IKUMA, we discovered several extensions and opportunities, not identified at
the beginning of the initial project. These are briefly
described in this section.

5.3. Enrichment of existing corpora through the addition of spoken comments

In discussions with several linguists, we realized that
many corpora have already been collected to document the world’s languages. These data, which exist
in different formats (digital or not), are undoubtedly
valuable resources that must be safeguarded and enriched. There is a risk that these corpora will disappear with the linguist who recorded them. We think
that the respeaking mode of the app could allow the
linguist to enrich recordings with an additional tier
of spoken comments. If speakers of the language are
available, it may also be possible to make them repeat part of the dataset under more favorable acoustic conditions (using the respeaking mode).

5.1. Data collection for language revitalisation

For Mbochi language, we also recorded, with the
app, 1500 pictures illustrating plants, artifacts, animals and everyday activities to be included later on
in an Encyclopedia or to be archived as culturally
sensitive or to be included in an image book for language teaching. These pictures (see figure 1) were
commented by 2, 3 or 4 speakers. Each comment
lasted between 20 seconds to 3 minutes. Each image
is therefore associated with a recording corresponding to a discussion, between several speakers, about
that image.

6. CONCLUSION

Figure 1: Example of local pictures used for
speech elicitation. Listening to the corresponding
recordings, one clearly distinguishes several repetitions of a word corresponding to the main object
of the image (left: ambamba ; right: dongodongo)

This article summarized three years of development
and testing of a mobile application for collecting
speech in the field: L IG -A IKUMA. A significant
amount of speech could be collected to document
three Bantu languages. This shows the potential of
the app. However, we also presented, in this article,
its limitations and the problems encountered during
data collection. We also discussed other uses of the
app, discovered during its deployment: data collection for language revitalisation or for speech technology development (ASR), enrichment of existing
corpora through the addition of spoken comments,
etc. L IG -A IKUMA can be downloaded on https://
lig-aikuma.imag.fr and its source code is also available on https:// gricad-gitlab.univ-grenoble-alpes.
fr/ besaciel/ lig-aikuma.

5.2. Data collection for speech technology development (ASR)

Originally intended for language documentation and
data collection in the field, our app has also been
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ABSTRACT

Following the L/M/H marking [10] where each
denotes low/middle/high pitch and a single ‘=’ is
used to denote the repetition of the previous syllabic
pitch, (1a) is expressed by the syllabic intonation
contour of LHL==H% or LHML==% (falling), (1b)
by L==MLH%, (1c) by LML=HH%, and (1d) by
LMLHL=%. To be specific, in (1a) the highest pitch
is assigned to the particle ‘가 (ka)’ which is a postposition of mwe (what) phrase, and the main function of the utterance is to ask and addressee what to
eat. In (1b) the high pitch is assigned to the particles ‘고 (ko)’ and ‘어 (e)’ which are respectively the
head regarding eat and want, and here the speaker
asks whether the addressee wants to eat something.
In (1c), the high pitch is assigned to ‘싶어 (siph-e)’,
making the utterance a rhetorical question, where
the speaker expresses a negative feeling towards the
addressee. In (1d), the high pitch is assigned only
to ‘고 (ko)’, conveying that the speaker wants to eat
something. This phenomenon fundamentally originates in the wh- intervention of ‘뭐 (mwe)’, which
corresponds with what in English but also can be
interpreted as something in particular circumstance,
making mwe an in-situ to denote something edible.
Despite this variability in prosody-semantics that
can emerge from a single utterance, conventional
speech corpora usually do not incorporate all the
speech act types as in (1a-d). This is the point where
we came out with the necessity of a corpus that incorporates the single text to multi prosody/intention
utterances. In this study, a corpus containing the
recordings of manually generated Seoul Korean
scripts is constructed. The sentences start with whparticles and incorporate a wide variety of predicates
and sentence enders. Based on the utterances, all
possible prosodic contours are recorded, and the corresponding intention types are annotated with English translation. Note that the utterances were constructed in a simple structure with minimal contextual engagement. Since non-domain-specific words
are utilized, the corpus fits with a variety of real-life
language analysis that requires disambiguation.

In this paper, we construct a corpus that incorporates the recordings of Seoul Korean speech where
the scripts are manually generated. The utterances
contain wh- particles that make the sentences interrogative but sometimes perform as a quantifier. The
phonetic property of the corpus concerns not only
the sentence-final intonation that differentiates questions from statements, but also the overall prosodies
which point out the topic and possibly yield a rhetoricalness. The scripts were generated considering the
diversity in the predicate, evidentiality, sentence enders, and the particles regarding politeness. At least
two prosodic contours are conveyed from a single
script, and it makes the corpus suitable for a multimodal spoken language understanding in the viewpoint of computational linguistics.
Keywords: prosody-semantics, Seoul Korean, corpus, disambiguation, wh- particles
1. INTRODUCTION
In analyzing speech, phonetic properties of an utterance are deeply related to semantics. Korean is one
of the languages where the sentence meaning highly
relies on its prosody, as can be observed in sentence
(1) where NOM denotes a nominative case and USE
an underspecified sentence ender:
(1) 뭐가 먹고 싶어

mwe-ka mek-ko siph-e
what-NOM eat-to want-USE

The sentence type of the utterance is decided upon
the sentence-final intonation; an interrogative for a
rising tone and a declarative for a falling one. In the
viewpoint of speech act, mainly four intentions can
be inferred from the given text, namely:
(1a) What do you want to eat?
(wh- Q)
(1b) Do you want to eat something?
(yes/no Q)
(1c) Do you really want to eat something?
(rhetorical Q)
(1d) I want to eat something.
(statement)
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2. RELATED WORK

3.2. Predicates

Predicates largely depend on the wh- particle they
are aligned with. For instance, nwukwu (who) harmonizes with the verbs that are related to interaction, such as give and receive. In contrast, eti (where)
matches with the verbs concerning location, such as
come and go. In selecting the verbs, we referred to
the set of 5,800 frequently used lexicons, released
by the National Institute of Korean Language (https:
//www.korean.go.kr/). Depending on the verbs, appropriate particles were agglutinated and the phrases
that contain object/complement were inserted. In
some circumstances, polarity items such as ‘좀
(com, bit)’ or ‘하나 (hana, a piece)’ were augmented
to modify or restrict the implicature.

Studies on the utterances incorporating in-situ whparticles have been done widely in the areas of syntax [16, 1, 9, 13] and prosody-semantics interface
[6, 2]. Especially for Korean and Japanese, which
are typical wh-in-situ languages, the variability of
the wh- particles was handled within the topic of LF
intervention [15]. Also, in [8], it was proposed that
a wh- particle in embedded self-addressed questions
be interpreted as an existential quantifier.
In a slightly different view, in [5], the wh- particles associated with negative polarity items were investigated, suggesting the circumstances where the
intervention is canceled. In [14], the usage of whparticles as an interrogative and indefinite NP is investigated in a pragmatic view, accompanying the
interpretation of gray-zone cases as rhetorical ones.
Another thing to note is that it suggests that ‘왜
(way, why)’ be interpreted as an exclamation. Taking this into account, we did not generate sentences
that include way.
In the view of language acquisition, [4] found that
L2 Korean learners have difficulties with interpreting in-situ wh- particles. This implies the necessity
of disambiguation that incorporates syntax, semantics, and phonetics, to which this paper attempts to
contribute via a corpus-based approach.

3.3. Reportive particles

The reportive particles (RPT) provide utterances
with evidential mood. Usually ‘-대 (tay)’, ‘-래
(lay)’, and ‘-쟤 (cyay)’ are used for statements, commands, and hortatives [11]. The particles were selectively added considering the content.
3.4. Sentence enders

The sentence enders (SEs) with various roles are
components that influence the sentence type and intention of the utterance. There are mainly two types
of SEs; the first type is SEs with a fixed role, e.g.,
‘-다 (ta)’ for declaratives and ‘-니 (ni)’ for interrogatives [11]. For these, the sentence type is fixed
but the intention can vary regarding wh- intervention and rhetoricalness. The second type is the underspecified SEs whose feature is not fixed (e.g., ‘어
(e)’, ‘지 (ci)’). They have the potential to display
various intention types depending on the prosody.
Both types of SEs were utilized in the generation.

3. CORPUS GENERATION
In generating the corpus script, namely five factors were considered: wh- particles that initiate an
utterance, predicates that convey the content, reportive particles that give the utterance evidentiality, sentence enders that possess potential to represent various intentions, and politeness suffixes which
come just after the sentence ender to assign honorific
mood to the sentence.

3.5. Politeness suffix

3.1. wh- particles

The politeness suffix (POL), ‘요 (yo)’, can be agglutinated to SEs and in most cases does not affect
the functional variability of the sentence, except for
rhetoricalness. For some SEs such as ‘지 (ci)’ or ‘야
지 (yaci)’, the augmented form is modified to ‘죠
(cyo)’. On the other hand, the utterances with SEs to
which the politeness suffix is not attachable, such as
‘냐 (nya)’, were left without the politeness suffix. An
example sentence incorporating the aforementioned
concepts (3.1-5) is as follows:

Among the six wh- particles, namely ‘누구
(nwukwu, who)’, ‘뭐 (mwe, what)’, ‘어디 (eti,
where)’, ‘언제 (encey, when)’, ‘어떻게 (ettehkey,
how)’, and ‘왜 (way, why)’, only the first five were
utilized in constructing the corpus. This is because
way is rarely used as a quantifier, except for some
cases in child language. Instead of way, we used ‘몇
(meych, the number of )’, which is widely used as a
quantifier for counting. For the purpose of variation,
in some cases, nominative (NOM) or accusative
cases (ACC) were attached to the wh- particles.

(2) 뭐 좀 먹었대요
(statement or y/n Q)
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mwe com mek-ess-tay-yo
what bit eat-PST-RPT-POL

4. TAGGING INTENTIONS
The substantial feature of this study lies in the
annotation of the intentions along with the script
and speech. The labels used for the annotation are
statement, yes/no question, wh- question, rhetorical question, command, request, and rhetorical command, a modified version of the categorization recently suggested in [3].
• Statement (S) indicates an utterance that conveys information or the speaker’s thought.
• Yes/no question (YN) indicates a question
where the answer set is limited to yes or no.
• Wh-question (WH) indicates a question where
the answer set is open and variable.
• Rhetorical question (RQ) indicates a question
whose answer set is in the speaker’s mind, usually being adopted to express the thought.
• Command (C) incorporates an order that corresponds to imperatives in English with a
covert subject, hortative that indicates an order with a politeness particle (e.g., please), and
modal that indicates a statement with particles
which correspond with should or must.
• Request (R) indicates a command expressed in
an interrogative form.
• Rhetorical command (RC) indicates a command where the to-do-list is not mandatory,
usually used as an idiomatic expression.

Figure 1: The F0 contour of the guiding voice for
6(a-c) by Praat.

(4c) I want to go somewhere.
(L==HL=%; statement)

We list some examples regarding several whparticles, incorporating more than three intention
(and prosody) types. The case for mwe (what) is explained in the previous section, and the case for ettehkey (how) is omitted in this paper since the intention variability is small (two cases at most). Q
denotes question and C denotes command. L, M, H
and ‘=’ denote the relative pitches.

(5) 언제 다시 봐 (보-아)

en-cey ta-si pwa (pw-a)
when again meet-USE
(5a) When will we meet again?
(LHL=H%; wh-Q)
(5b) Shall we meet again someday?
(LML=H%; yes/no Q)
(5c) Let’s meet again someday.
(LMLML%; rhetorical C)

(3) 누가 보러 간대

nwu-ka po-le kan-tay
who-NOM see-to go-RPT
(3a) Who will go see it?
(LHL==H%; wh-Q)
(3b) Will sbd go see it?
(LML==H%; yes/no Q)
(3c) Does anyone say I’m gonna go see it?
(LMLMLH%; rhetorical Q)
(3d) I heard sbd will go see it.
(L==HL=%; statement)

(6) 몇 개 가져가

myech kay ka-cye-ka
how quantity bring-USE
(6a) How many shall I take?
(LHL=H%; wh-Q)
(6b) Shall I take some?
(LML=H%; yes/no Q)
(6c) Take some.
(LMLML%; command)

To aid comprehension, the F0 contours of the guiding voice for 6(a-c) are presented in Figure 1. Note
that the relative pitch sequence is displayed in the
spectrogram. The sentence-final intonation of (6a,b)
implies that they are questions, and the relative pitch
of kay which follows myech distinguishes (6a) wh-Q
from (6b) yes/no Q.

(4) 어디 가고 싶어

e-ti ka-ko siph-e
where go-to want-USE
(4a) Where do you want to go?
(LHL==H%; wh-Q)
(4b) Do you want to go somewhere?
(L==MLH%; yes/no Q)
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Who
What
Where

1,895
877
199

S, YN, WH
S, YN
S, YN, WH, RQ

424
242
137

When
How

172
163

S, WH
S, YN, RQ

74
43

YN, WH
···
S, RQ

33

How much
246
<Table 1-a >
1,085
1,047

YN, WH, C
S, R

25
24

Wh- Q

849

S, WH, RQ

24

Rhetorical Q

302

S, YN, WH, C

23

Commands
Requests

175
56

YN, C
WH, R

23
22

Rhetorical C

38

S

YN

WH

RQ

C

R

RC

547
294
64
37
59
84

544
283
64
54
62
40

446
186
49
40
28
100

202
64
6
22
8
0

112
32
11
0
6
14

26
14
4
4
0
8

18
4
1
15
0
0

Table 2: A frequency matrix on wh- particles and
the intention types.

25

Statement
Yes/no Q

<Table 1-b >

Who
What
Where
When
How
How much

5.2. Analysis

For a more detailed analysis of the corpus, we performed a simple calculation that shows the correlation between the indices (Table 2). It is assumed that
wh- intervention largely occurs among how muchsentences, considering the portion of wh- questions
within. Also, commands starting with how are rare,
due to the fact that a to-do-list [12] is usually recommended to convey a specific instruction.
Concerning rhetoricalness, it is notable that how
much is scarce among the rhetorical sentences since
in that case polarity items are accompanied, disambiguating the wh- intervention. Consequently, the
non-rhetorical directives (YN·WH and C·R) dominate how much sentences. The portion of rhetorical
directives scored the highest in when- sentences for
both RQ/C; we roughly assume that when- questions
have potential to be interpreted as ‘have sbd ever ...’
and when- commands usually act idiomatically.

· · · (total 32 cases)
<Table 1-c >

Table 1: (1-a) describes the statistics on wh- particle and (1-b) on the intention types. (1-c) describes some of the possible intention sets that are
engaged in a single utterance, here for 1,292 sentences. The code is disclosed with the corpus.

5. DISCUSSION
5.1. Corpus specification

In the corpus construction, the first version of the
sentence list was generated by the methodology explained in Section 3, and only the sentences that received the consensus of first three authors (native
speakers of Seoul Korean dialect) were taken into
account. In total, the corpus contains 3,552 utterances that fall into the seven classes of intention. All
the utterances were recorded by two native Koreans,
a male and a female. The speech corpus containing
a total of 7,104 (= 3,552 * 2) utterances are available on-line (https://www.github.com/warnikchow/
prosem) as with the corpus.
The statistics on the corpus is presented in Table
1. Sorting by the wh- particles that initiate the sentences, the most were the sentences starting with ‘누
구 (nwugu, who)’, and the least were the ones starting with ‘어떻게 (ettehkey, how)’. Sorting by the intentions, S accounted for the most of the corpus data
and RC did the least, following the tendency displayed in the recent Korean corpus [3]. Sorting by
the possible intentions from a single utterance, the
number of cases ranged from 2 to 4. The possible
cases are partially listed in Table 1-c, tagged with
the quantity. Wh- intervention occurs in most cases
where interpreting the particles as wh- is allowed,
but not vice versa.

6. CONCLUSION
In this paper, we proposed a construction scheme
for a corpus that incorporates single-text utterances
with multi prosody/intention. In the process, five
constituents, namely wh- particles, predicates, evidentiality, sentence enders and politeness suffix
were considered. We obtained 3,552 utterances from
1,292 sentences, with the major intention types of
statement, yes/no question and wh- question. A set
of recordings by the native speakers (total 7,104 instances) is disclosed as a pilot research and can be
supplemented for industrial purpose.
We suggest the corpus to be used for spoken language understanding systems which require disambiguation of the utterances that may induce wh- intervention. Along with the multi-modal approaches
as in [7], various statistics- or deep learning-based
classification systems may be able to infer a proper
intention for a given speech and transcript. Not only
for the industry, but this study can also be utilized
for the Korean language learners, especially for the
acquisition of prosody.

3905

ACKNOWLEDGEMENT

[15] Tomioka, S. 2007. Pragmatics of lf intervention effects: Japanese and korean wh-interrogatives. Journal of Pragmatics 39(9), 1570–1590.
[16] Watanabe, A. 1992. Subjacency and s-structure
movement of wh-in-situ. Journal of east Asian linguistics 1(3), 255–291.

This research was supported by Projects for Research and Development of Police science and Technology under Center for Research and Development
of Police science and Technology and Korean National Police Agency funded by the Ministry of Science, ICT and Future Planning (PA-J000001-2017101). Also, this work was supported by the Technology Innovation Program (10076583, Development
of free-running speech recognition technologies for
embedded robot system) funded By the Ministry of
Trade, Industry & Energy (MOTIE, Korea). After
all, the authors appreciate the helpful advices provided by Mijeong Song and Minhwa Chung.
7. REFERENCES
[1] Aoun, J., Li, Y.-h. A. 1993. Wh-elements in situ:
Syntax or lf? Linguistic Inquiry 24(2), 199–238.
[2] Baunaz, L. 2005. The syntax and semantics of wh
in-situ and existentials: the case of french. Leiden
Papers in Linguistics 2(2), 1.
[3] Cho, W. I., Lee, H. S., Yoon, J. W., Kim, S. M.,
Kim, N. S. 2018. Speech intention understanding in a head-final language: A disambiguation
utilizing intonation-dependency. arXiv preprint
arXiv:1811.04231.
[4] Choi, M. H. 2009. The acquisition of wh-in-situ
constructions in second language acquisition. PhD
thesis Georgetown University.
[5] Choi, Y.-S. 2007. Intervention effect in korean whquestions: Indefinite and beyond. Lingua 117(12),
2055–2076.
[6] Dalrymple, M. Semantics, information structure,
and prosody in lfg part i: Semantics in lfg part ii:
Information structure in lfg part iii: Prosody, syntax
and semantics.
[7] Gu, Y., Li, X., Chen, S., Zhang, J., Marsic, I.
2017. Speech intention classification with multimodal deep learning. Canadian Conference on Artificial Intelligence. Springer 260–271.
[8] Jang, Y. 1999. Two types of question and existential
quantification. Linguistics 37(5), 847–869.
[9] Lai-Shen Cheng, L., Rooryck, J. 2000. Licensing
wh-in-situ. Syntax 3(1), 1–19.
[10] Lee, H. Y. 1999. An acoustic phonetic study of korean nuclear tones. Journal of the phonetic society
of Korea 38, 25–39.
[11] Pak, M. D. 2008. Types of clauses and sentence
end particles in korean. Korean Linguistics 14(1),
113–156.
[12] Portner, P. 2004. The semantics of imperatives
within a theory of clause types. Semantics and linguistic theory volume 14 235–252.
[13] Soh, H. L. 2005. Wh-in-situ in mandarin chinese.
Linguistic Inquiry 36(1), 143–155.
[14] Song, S. 2010. Pragmatic usage of wh-elements in
korea. Language Informatio 10, 95–117.

3906

Broad and Narrow focus marking in Naija (Nigerian Pidgin): the role of prosody
Candide Simard1, Anne Lacheret-Dujour2, Oyelere S. ABiola3
1

Linguistics, School of Language, Arts & Media, University of the South Pacific, Fiji (Suva, Fiji)
2,3
MoDyCo Lab, Université Paris Nanterre, France (Nanterre, France)
candide.simard@usp.ac.fj, anne.dujour.27@gmail.com, biolaoye2@gmail.com

This study investigates the prosodic realisation of
focus in Naija, in broad and narrow focus conditions,
seeking to establish how it correlates with perceived
prominences. When communicating with other
people, we highlight items that we want our audience
to pay attention to, bringing them into ‘focus’. Focus
in linguistics is an information structural (IS) notion,
that area concerned with the ‘packaging’ of
information in sentences [5]. We follow [6] in
defining focus as “the semantic component of a
pragmatically structured proposition whereby the
assertion differs from the presupposition.” Several
strategies are found cross-linguistically to signal
focus, including (1) special positions in the linear
order; (2) special focus markers; (3) constructions
which intrinsically define a specific constituent as
having the focus function; and (4) prosodic
prominence. The latter is very frequent crosslinguistically, focused constituents are made more
salient through increased articulatory effort, resulting
in wider amplitude and pitch excursion size, or longer
duration [7]. Our understanding of the relationship
between IS and its realization in the speech signal still
relies mainly on studies of West Germanic languages
where a ‘pitch accent’ is expected, thus privileging
pitch as a marker of focus. However, studies of
languages such as French, Japanese and Korean, for
instance, show that the very concept of a focal pitch
accent is not clearly applicable for them [9, 10, 11]. In
languages of Africa, recent studies [12, 13, 14] show
that some may not use prosody at all to mark focus,
preferring either focus markers or dedicated syntactic
constructions.
We continue following [6bis], identifying domains
of focus that vary from one phrasal constituent
(narrow focus), to a predicate (broad focus), or to a
complete sentence (thetic), all of which can receive
different prosodic encodings.
This study relies on the annotation of perceived
prominences in spontaneous texts by Naija speakers,
reproducing a protocol established in the Rhapsodie
project for French [15]. The analyses of the

Abstract
This paper presents an investigation of the prosodic
realisation of narrow and broad focus in Naija, a postcreole language of Nigeria spoken by 100 million
people. As other West-African English lexifier
pidgins, it has limited morphological complexity,
flexible word order, and content words receive a +H
pitch. Previous analyses of annotated spontaneous
speech recordings identified two types of perceived
prominences in Naija: a pitch peak (PPROM) and an
extended duration (DPROM). This study identifies
two focus conditions (narrow and broad) and seeks to
establish whether they correlate with these perceived
prominences. It was found that narrow focus uses any
of two strategies: (1) the element in focus can occur
anywhere in the IU, and coincides with the durational
prominence, or (2) a na (copula) + focus element
construction, which then receives the pitch
prominence associated with first position in the IU.
Broad focus, however, receives no prosodic marking.
Index Terms: prosody, focus, pitch, duration, creole
language

1. INTRODUCTION
Naija (or Common Nigerian Pidjin) is a post-creole
that has spread rapidly in Nigeria in the past fifty
years. It is now spoken as a first language in parts of
the Niger delta, and as a second language all over
Nigeria and in the Nigerian diaspora by close to 100
million speakers. It now has considerable economic
and cultural importance, but still has no official
recognition. Recent studies show that it has developed
into a language distinct from Nigerian English [1, 2,
3]; it is described as a good example of West-African
English lexifier pidgins, with little morphological
complexity, flexible word order [4], and a +H pitch
assigned to content words (analysis of lexical prosody
is ongoing, we refrain, at this stage, from describing
Naija as a tone language).
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annotations revealed two types of prominences: a
pitch peak that occurs at the left edge of Intonation
Units (IUs), synchronized with the first word bearing
+High pitch (PPROM); and a prominence called
‘heavy’ by speakers that involves longer duration
(DPROM), and sometimes higher pitch [16].

one of the co-authors. The smaller prosodic units
within IPs (intonation units (IUs), prosodic phrases
(PP), and prosodic words (PrWd)) were coded
manually (the instrumental analysis of the prosodic
correlates encoding these units is ongoing). Here we
make use of IUs, often described as the basic unit of
spoken language, expressing one idea, often bounded
by pauses (but not always) and characterized by a
‘coherent pitch contour’ [22]. The typical pitch
contour of an IU in Naija is shown graphically in
Figure 1. The second syllable of grandmother has a
+High pitch, and is the locus of the pitch peak
(PPROM).

The major aim of this study is to establish whether and
how the annotated perceived prominences (PPROM
and DPROM) correlate with the IS category of focus,
distinguishing Narrow (N) and Broad focus (B). It was
hypothesized, that, as in other languages with lexical
pitch contrasts, focus would be realized through the
pitch cue, by expanding the pitch range of all or part
of the constituent in focus [17], here corresponding
with the PPROM.

Figure 1. Pitch track showing the contour of an IU in
Naija, with a pitch peak (PPROM) at its left edge. The
first tier shows the IU, the second show a segmentation
by word, the third the syllable boundaries.

2. METHODOLOGY
2.1. Data and participants
The data for this study were drawn from the corpus
compiled in the ongoing NaijaSynCor project [18]
that documents the development of Naija through the
creation of a deeply annotated oral corpus.
Four (4) recordings (see Table 1) were selected for
this study, representing speakers from both the
Northern and the Southern parts of the country. We
controlled for the sex of the speakers, selecting an
equal number of male and female; however, age was
not a controlled variable (ages vary from 15 to 45).
Three of the participants have higher education
(degree) and one has secondary education. The
recordings are of two different genres: personal
anecdotes and journalistic reporting.

Narrow and broad focus elements were also identified
and coded in a separate tier by the co-authors, taking
the IUs as their domain. Operationally, narrow focus
is identified as a single constituent that contains ‘new’
information, in answer to an (open or implicit)
question, as Example 1 for since, which answers the
question: how long have you been looking for my
number?

2.2. Transcription, annotation of prominences,
coding of Focus
The files were transcribed and semi-automatically
syllabified with the tool SPASS [19] resulting in
segmented and aligned Praat TextGrids [20]. The
annotation of perceived prominences was verified by
the native speaker co-author. Pitchtier files were
generated and transferred to the software ANALOR
[21] to correct manually pitch track errors; the files
were also automatically segmented into ‘intonational
periods’ (IPE), defined as the largest unit in which
prosodic features interact, based on three measured
acoustic parameters (pitch reset, final lowering,
adjacent silent pause) which can be assigned different
weight [21bis]; all the proposed IPEs were checked by

1.

aI
dO~
de
luk
jO
nO~mba [si~ns]NF
1SP PST-M
AUX look POS number
since
I have been looking for your number since. [ABJ_GWA_03]

Broad focus is identified when the predicate could be
an answer to the question ‘what happened next?’,
when the topic of the sentence is already given, as in
Example 2, kO~n kO~n visit Os, which continues the
story of how it was that the speaker ended up living in
the village with her, note that the grandmother has
been mentioned before, making her the topic in the IU.
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2.

maI gra~nmOda
kO~n kO~n visit
Os
POS grandmother
come come visit
us
My grandmother then came to visit us. [ABJ_GWA_08]

N corresponds with a DPROM in 93% of cases and
a PPROM in only 7%. B are not associated with any
kind of prominence. In IUs with B, a PPROM is often
annotated, but this prominence does not coincide with
the predicate in focus, but with the left IU boundary.
In Figure 2, this was recoded as a ‘no-PROM’, for
ease of reference. The Chi-square test confirms the
significant correlation between Focus type and
Prominence type (X2 (2, N = 514) =5.14, p <.001).

As we used spontaneous data, these diagnostics to
identify narrow or broad focus sometimes yielded
inconclusive responses, or IUs were not TopicComment constructions. These IUs were coded as
‘undecided’. The Information Structure, IU, and
Prominence tiers were extracted and transferred to the
SPSS software to conduct statistical tests.

Figure 2. Bar chart showing the correlation between types
of perceived prominences (PPROM and DPROM) and
narrow and broad focus.

2.3. Statistical tests
We counted the frequency of occurrences of
narrow/broad focus elements within IUs for each text;
and used the Chi-Square statistic to test the
relationship between the two categorical variables:
Focus, as Narrow (N), Broad (B) or undecided (0),
and Prominence, as a pitch peak (PPROM) or
extended duration (DPROM) with the. The null
hypothesis is that there is no relationship between
Focus types and Prominence types.

These results prompted us to examine the 20
examples of narrow focus that use a PPROM. We
found that all these examples involved a na + focused
element construction, resembling a cleft, as discussed
below.

3. RESULTS
3.1. Focus types and Prominence types

3.2. Prosodic encoding of narrow focus

We first report on the frequencies of narrow and broad
focus identified in each text. The recordings vary
slightly in length, as shown in Table 1, explaining the
uneven distribution in the number of IUs in each
recording. The ratio of narrow to broad focus varies
according to genres, those of the journalistic reports
contain mostly narrow focused elements, 80% to 13%
in ID 3, and 58% to 14% in ID 4, while the
spontaneous narratives displayed more broad focused
elements, from 46% to 19% for ID1, and 51% to 29%
in ID2. It is beyond the scope of this paper to examine
the discrepancies according to genre further.

There are two strategies to mark narrow focus in
Naija. The first consists in using the construction na +
focused element, in first position in the IU where it
receives the PPROM, creating a construction similar
to a cleft, conventionally viewed as a contrastive
focusing device, but which are not necessarily
contrastive in Naija. Example 3 illustrates this
strategy, where ‘five years’ is not interpreted as
contrasting with any other length of time, for example,
but rather as an answer to an implicit question ‘how
long have you studied with this professor?’; its
contour is shown in Figure 3. The focused element is
years, which is also longer, but longer duration is not
always present in this strategy for narrow focus
marking.

Table 1: Counts of IUs, narrow/broad focus and
undecided elements.
ID
1
2
3
4

File Name
ABJ_GWA_08
IBA_40_M
WAZA_08
WAZA_09

IUs
382
99
133
221

N
73 19%
29 29 %
107 80%
128 58%

B
176 46%
50 51%
17 13%
31 14%

undecided
142 37%
20 20%
9 7%
42 19%

3.

We then correlated the patterns observed in those IUs
with narrow or broad focus (leaving out the undecided
cases for further research) with the prominences
PPROM and DPROM.
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na
faIv jEs
mja
go
de
i~
han
COP five years 1SPAN FUT COP POS hand
It is five years that I will be learning under him
[ABJ_GWA_08]

Figure 3 Pitch track of Example 2, illustrating the na +
focused element construction.

predicate start with kO~n which receives neither the
PPROM nor the DPROM.

4. DISCUSSION
The relation between flexibility in word order and
variability in the prosodic patterns to mark focus in
the languages of the world is well-established:
languages with a relatively rigid word order tend to
use prosodic prominence marking, usually realized by
pitch, whereas languages with a preference for a
certain prosodic pattern tend to assign a position that
bears prosodic prominence, moving the focused
element to this position, a typological distinction
captured by the terms plastic/non-plastic languages
[22]. Naija does not seem to fit within this typology.
In the marking of narrow focus, strategy 1, the na +
focused element, suggests a non-plastic language.
However, the PPROM (pitch peak) at the beginning
of the IU does not mark focus, its function is purely
demarcative: indicating the left boundary of an IU.
The demarcative function of the PPROM is also
evidenced in our finding no correlation between broad
focus and PPROM. Naija seems not to adopt an
alternative morphological or syntactic strategy to
indicate broad focus; this will require further
investigation. For narrow focus, the second strategy,
using the DPROM, does not quite make Naija a plastic
language, as this usually implies a pitch accent. The
marking of narrow focus with the DPROM is, to our
knowledge, a unique feature, at least amongst the
languages of Nigeria, confirming the development of
Naija as a discrete language.

In the second strategy, the focused element can be
anywhere in the IU, but its final syllable is lengthened,
becoming ‘heavy’ as qualified by the speakers.This is
shown in Example 4 with its pitch track in Figure 4.
N is on the final word strike, which is marked by a
DPROM, not a PPROM. In this example, the N is in
IU final position, but the same association of N and
DPROM also occurs where N is not IU final, hence
the longer duration is not associated with final
lengthening.
4.

dE
3PP

fi
se
dE
de
[sr\aIk]
MOD say
3PP AUX strike
they can declare industrial action. [IBA_21_M]

Figure 4. Pitch track of Example 4, illustrating the longer
duration on the focused element, strike.

5. CONCLUSION
This study presents preliminary results of the analysis
of a selected corpus of spoken Naija, showing the
realization of narrow and broad focus. The former
uses any of two strategies, either the na + focused
element construction, placed at the beginning of an
IU, looking like a cleft, which then receives the pitch
prominence associated with first position in an IU; or
the focused constituent can occur anywhere in the IU
and is then associated with a perceptual prominence
realized as an extended duration. Broad focus, on the
other hand, receives no prosodic marking. This use of
a prominence cued by extended duration to indicate
narrow focus is a feature so far unreported in other
languages, to our knowledge. Further instrumental
investigations will strengthen these findings.

3.3. Prosodic encoding of Broad focus
Broad focus in Naija does not get any specific
prosodic marking. This is illustrated in Example 2 and
Figure 1 above, where the PPROM coincides with the
constituent grandmother, which is the topic. The
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